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ABSTRACT 
At this age of Internet of Things (IoT), wearables are now everywhere, sometimes even in your earcanal. 
The research team from the NSERC-EERS Industrial Research Chair in In-Ear Technologies (CRITIAS) 
has been actively developing various in-ear technologies designed to complement the human ear, from 
"smart" hearing protection against industrial noises, to advanced individual communication systems, to 
hearing health monitoring devices using otoacoustic emission (OAE), to in-ear EEG Brain Computer 
Interface (BCI). More fundamental research has also been conducted, particularly on the micro-harvesting 
of electrical power from inside the earcanal to power future auditory wearables. The current research 
activities from CRITIAS and several possible applications are presented in this article, while the 
corresponding keynote presentation will feature other research groups research and resulting technologies. 
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1. INTRODUCTION 
This introduction gives an overview of the NSERC-EERS Industrial Research Chair in In-Ear 

Technologies (CRITIAS) research group, by presenting briefly its history as well as its mission and 
focus. 

1.1 A little bit of history 
The NSERC-EERS Industrial Research Chair in In-Ear Technologies (CRITIAS) was created in 

September 2016 as part of a long-standing and successful partnership between EERS Global Technologies 
Inc (previously Sonomax Hearing Healthcare Inc) and École de technologie supérieure (ÉTS). The 
partnership was initiated in late 1999 and led to a unique technology designed to protect industrial workers 
from noise-induced hearing loss (NIHL). The resulting hardware and software solution, dubbed the 
Sonomax Solution, was protected by over 50 patents and trademarks and has been marketed all over the 
world. Following 10 years of collaborative work, the partnership became more firmly established when the 
author was appointed at ÉTS as professor and founded the CRITIAS Research Chair in 2010, now 
supported by the National Science and Engineering Research Council of Canada (NSERC) and dedicated to 
his original quest: to develop a true “bionic” ear that provides effective protection, amplification, 
communication, monitoring and biosensing within a single in-ear device. 

1.2 Mission and Research Focus 
CRITIAS focuses on the development of various technologies designed to complement the 

human ear, from “intelligent” hearing protection and communications in high -noise environments to 
the integration of in-ear brain-computer interfaces and wearable hearing diagnostics. The research  
activities focus on three areas: Digital Hearing Protection, Communication in High -Noise 
Environments, and In-Ear Biosensing. The research activities corresponding to these three themes 
areas are further described in Section 2 and are illustrated in the Fig.1.  

2. CURRENT RESEARCH 
Beyond the ubiquitous availabilties of hearing protection and hearing aid, the human earcanal is 

a perfect place for many applications that span well beyond hearing. While the author and its 
industrial partner have been early believers of such statement, that shaped all the collaborative 
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research work that was conducted within CRITIAS since early 2010, it is exciting to see many new  
commercial entities now sharing the same vision (1) and are rapidly putting ear-centered wearable 
products (often called “hearables”) on the market. The market for hearables is considered to be one 
of the fastest growing (2) as it brings all the smartphones and tablet power one step  closer to the 
human being. While probably not exhaustive, Fig. 1 illustrates the many possible applications and 
uses of the human earcanal, ranging from digital advanced hearing protection and hearing aid, 
communication in noise, to in-ear biosensing and even electric and light stimulation. 

 

 
Figure 1: Several of the possible uses of the human earcanal with hearables  

 
The following sections detail several possible uses and present the specific applications that are 
envisioned within current research activities at CRITIAS. The maturity of that research is rated with 
the Technology Readiness Level (TRL), a value that ranges from 1 (conceptual idea) to 9 
(commercial product), assuming that technologies typically move at TRL 5-6 from academic 
research activities conducted at CRITIAS to industrial R&D conducted at EERS. 

2.1 Digital Hearing Protection 
Passive Hearing Protection (TRL 9)  
The preferred passive hearing protection device (HPD) used at CRITIAS is an instant custom 

fitted earpiece, adjusted using SonoFit™ expandable silicone in-ear technology (3). It offers 
superior comfort, retention and attenuation and is perfect to be further equipped with electronic 
(digital signal processor, sensors, electrodes, etc.) and electroacoustic components (speaker, 
microphones, etc.), as illustrated in Fig. 2, to become a “digital earplug”.  
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Figure 2 : Illustration of a digital earpiece obtained 

 
First Fit Test (TRL 9) 
One of the early technologies developed for the instant custom fit technologies is the individual 

field fitting testing of HPD. An objective microphone measurement dubbed Field Microphone in 
Real Ear (F-MIRE) is performed with the digital earplug and checks HPD attenuation for each 
wearer (4). 

 
In-ear Dosimetry (TRL 9) 
Typical noise dosimetry is performed by picking up the sound exposure of a worker with a 

microphone placed on the shoulder. With the In-Ear Dosimetry approach, the microphone is placed 
in the occluded earcanal, measuring what noise level actually reaches the eardrum through the 
wearer’s HPD, but discarding wearers induced disturbances (such as speech, coughing, teeth 
grinding etc.) that are not to be accounted for in the cumulated noise dose, as they are non -
hazardous for the user’s hearing (5,6).  

 
Sound Reproduction (TRL 9) 
By including a miniature loudspeaker in the earpiece, signals can be played back to the protected 

ear. In-ear acoustics modeling recreates sound like it feels with an open ear, creating a more natural 
sound experience (7). 

 
Digital Audio Filtering (TRL 9) 
With the miniature loudspeaker inside the earpiece and a microphone outside, useful external 

sound is transmitted to the protected ear. Using Modulation-Based Digital Noise Reduction 
(MBDNR) voice and warning signals  passed through while the rest of the ambient noise is 
passively blocked (8,9). 

 
Active Noise Control (TRL 9) 
The amount of attenuation provided by the passive HDP can be further increased using active -

noise control (ANC). The residual noise is picked up via the in-ear microphone, inside the occluded 
earcanal, dephased by 180 degrees and played back to local cancel the initial sound disturbance. 
ANC can also be very useful for cancelation of the so-called “occlusion effect”. Normally, all 
wearers induced disturbances (own voice, footsteps, friction noise, etc.) as well as physiological 
noise (swallowing, coughing, breathing, etc.) would be perceived under the occluded ear and could 
become very annoying. With ANC, those low frequency noises are all canceled out, making the 
experience more natural and comfortable. The benefits of such technology were recently studied for 
musicians and performers, who need to protect their hearing while singing or playing instruments 
and would otherwise be disturbed and even annoyed by the occlusion effect (10,11).  
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Otoacoustic Emission Monitoring – Ear Fatigue (TRL 6) 
Physiological fatigue originating from over-exposure to sound creates a gradual reduction in 

auditory capabilities. Rather than relying on subjective testing, such as hearing threshold testing 
using audiometry, a change in hearing sensitivity -often refered to as temporary threshold shift 
(TTS)- can be assessed using otoacoustic emission. By stimulating the ear with 2 pure -tone stimuli, 
a distortion product otoacoustic emissions (DPOAE) can be generated by the outer hair cell of the 
inner ear and picked up by the in-ear microphone. It recently became possible to monitor theses 
DPOAEs in high level of ambient noise, using adaptive filtering and denoising techniques (12–14). 

2.2 Communication in Noise 
Hearing Aid (TRL 3) 
Using the existing in-ear loudspeaker and an outside microphone it is possible to add a hearing 

aid feature to the digital earplug. By selectively amplifying speech and warning signals, it is 
possible to assist industrial workers, who sometimes have significant existing hearing loss (15). 

 
Speech Capture (TRL 9) 
Speech produced by the wearer can be captured within the occluded earcanal. Since that signal is 

picked up underneath the HPD, it benefits from its passive isolation and offers a superior signal -to-
noise ratio (SNR). Recent work has been conducted to further reduce the residual noise and 
enhancing the intelligibility of the picked-up speech by increasing its high frequency content (16).  

2.3 In-Ear Biosensing 
Biosignals Measurement (TRL 5) 
The in-ear microphone can pick up many signals present inside the occluded earcanal. This 

signals is often referred to as physiological noise, but contains useful information, including 
heartbeat and breathing sounds from which it is possible to extract the wearer’s heartbeat and 
breathing rate (17). It has been also shown that other non-verbal signals could be picked up 
(coughing, teeth grinding, teetoh or tongue clicking, sneezing, etc.) and could be used for a wide 
range of hand-free and silent man-machine interface or as well for continuous health monitoring 
application (18). 

 
Ambient and Medical Conditions Measurement (TRL 4) 
The ear is a perfect place to measure temperature, as traditionally done in medical diagnostics. 

Using commercialy available sensors inside the occluded earcanal, ambient temperature and 
humidity levels are easily recorded and monitored. The combination of these two measurements 
detects workers’ physical involvement or overexertion (such as heavy lifting, levels of sweating) and 
combined with prior biosignals measured can be very reliable indicator of the health and condition 
of the wearer. 

 
Dynamic Measurement (TRL 6) 
Head movement can be recorded with 6-axis Inertial Measurement Unit (IMU) using 

accelerometer and velocimeter sensors. These measurements of head’s dynamic are suitable for 
monitoring fatigue (like head nodding down, etc.) or for musculoskeletal troubles induced by 
repetitive movements or activities (such as using a jackhammer, long-distance driving, etc.). The 
addition of a magnetometer (packaged as an 9-axis IMU) enables applications with 3D audio 
processing, which must account for head position in azimuth and elevation (gazing, etc.). A man -
down detection (fall or injury detection) has recently been developed at CRITIAS using this same 
technology (19). 

 
Physiological Sensing (TRL 3) 
By making the earpiece conductive, for example by integrating a electrode or by using metal -

coated or conductive polymer, skin contact electrical impedance can now be measured. This unique 
marker tightly related to how the custom earpiece is fitting inside the earcanal, enables the unique 
verification of the wearer’s biometric information. The same conductive earpiece can record much 
of the electro-dermal activity, capturing muscle and heart activities, thereby enabling a wide range 
of activity tracking and man-machine interface application. 

 
Ear Canal Change Detection (TRL 2) 
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The conductive earpiece can easily detect movement in the earcanal induced by 
temporomandibular activities. Monitoring such activities (jaw movement, opening and closing the 
mouth, stretching, grinding teeth, etc.) creates some interesting applications. Examples include 
dentistry temporomandibular jaw-joint (TMJ) pain from jaw clenching, or linguistic research to 
understand jaw-joint activity during speech production. Leveraging on other biosignals detection 
provides great insight for wellness and sports tracking solutions. Cardiovascular activity inside the 
earcanal distorts the ear canal. Blood flow pulse can be measured by monitoring the conductive 
earpiece electrical properties (impedance, charge, voltage, etc.)  while in contact against the 
earcanal, possibly opening new ways to monitor cardiovascular activities and  diseases.  

 
Electrophysiology (TRL 5) 
By adding additional miniaturized electrodes on the earpiece, inside of the ear (intra -aural) and 

other around the ear pina (circumaural), brain wave signals can be recorded and monitored. While 
such electrophysiological signals (EEG) are not as specific as the ones obtained with a full scalp 
EEG with a much higher density of electrodes, they are easy to record in a non -invasive way, 
making them suitable for real-world applications. Auditory evoked potential (ERP) can be 
conveniently measured with a device that combined these electrodes on the audio digital earpiece 
(20, 21). 

2.4 In-Ear Stimulation 
The following two research activities are not currently taking place at CRITIAS, nor are they on 

the short-term research agenda of the CRITIAS team but are possible innovative applications. 
 
Electrical Stimulation 
Instead of receiving signals, the electrodes can act as actuators, to send modulated electrical 

signals, for example using the direct current stimulation paradigm. This can slightly alter the 
behavior of the nervous system and could have promising applications, given the proximity of the  
vagus nerve, which comes close to the surface of the earcanal tissues. This pneumogastric nerve has 
a tight parasympathetic control of the heart, lungs, and digestive tract and offers.  There is research 
using this stimulus to alters motion sickness, appetite and nausea stemming from radiation therapy. 
There is another line of research where such stimulation, combined with sound signals, can alter 
auditory perception and mood for therapy or entertainment (22). 

 
Light Stimulation 
Instead of sending electrical signals, visible light can be shined inside the occluded earcanal. 

There is recent research that shows that some photoreceptor-proteins in the brain can receive that 
light and that similar benefits as the one provided by light therapy have been observed, affecting the 
generationmolecules regulating circadian rhythmicity. This offers convenient and discrete means to 
treat jet lags, seasonal mood and affective disorders (23).  

2.5 In-Ear Energy Harvesting 
Energy Harvesting (TRL 3) 
Many of the “hearable” applications mentioned above require a continuous electrical power 

supply. One possible approach, rather than relying on disposable or rechargeable batteries or 
capacitors is to harvest the energy directly from the wearer itself. Amongst the many possible 
sources (head movement, head heat, solar radiation, etc.) a promising source appear to be the 
mechanical distortion of the earcanal induced by the jaw-joint movement. Prototypes of 
piezoelectric micro-energy harvesters have been developed and were proven to be able to recharge a 
battery over regular daily movements of the jaws (from eating, swallowing, yawning, speaking, or 
chewing gum, etc.) (24–28). 

3. CONCLUSIONS 
At the dawn of the 4th industrial IoT 5G revolution, it is clear that the interconnection between 

the human being and machine (or network) is getting more real every day. The human earcanal 
appears, at least in the views of the researchers from CRITIAS, as a perfect place to achieve this 
interconnection and the many possible applications that have been highlighted in this paper. While 
some of these applications may be years away, it is worth noting that several disruptive technologies 

5



 

 

developed by CRITIAS have already been integrated into innovative products brought to market by 
EERS Global Technologies, the industrial partner. For example, the most recent version of the 
“digital earplug”, commercialized by EERS under the name “SonX”, won in 2016 the first prize for 
the “Hear and Now” Noise Safety Challenge, a joint initiative by the US Department of Labor 
(DOL), the National Institute for Occupational Safety and Health (NIOSH), the Mine Safety and 
Health Association (MSHA), and the Occupational Safety and Health Association (OSHA) for 
technologies that uniquely reduce work-induced hearing loss. 
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ABSTRACT

If a flame is put into an acoustic resonator, an escalating interaction between the flame's heat release and 
the acoustic field can occur, giving rise to intense pressure oscillations. This phenomenon is termed 
"thermoacoustic instability". It occurs in combustion systems that have a continuously burning flame, such
as gas turbines, jet aeroengines, boiler and heating systems, furnaces and rockets. Thermoacoustic 
instabilities are a serious problem because they can lead to excessive structural vibrations, fatigue, and even 
catastrophic hardware damage. The escalating flame-sound interaction occurs in tandem with other 
physical mechanisms, leading to a complex web of interactions, most of which are nonlinear. They include 
flame-vortex interactions, flame response to fluctuations in fuel concentration, entropy waves, flame-
structure interactions, and others. 

The development of low-pollution combustion systems is very important for our environment. 
However, such combustion systems are particularly prone to thermoacoustic instabilities. Progress with 
developing combustion systems that are immune to these is hampered by insufficient physical insight. 
Efforts to gain further insight are going on by researchers worldwide using experimental, analytical and 
numerical tools. This talk aims to give an overview of the key physical mechanisms involved in 
thermoacoustic instabilities and will present mathematical modelling approaches inspired by physical 
insight.

Keywords: flame models, tailored Green's function, low-pollution combustion systems

1. INTRODUCTION
The most basic thermoacoustic system is a Rijke tube [1,2]. It is an open-ended tube, held vertically, 

with a horizontal wire gauze in the lower half of the tube. If the gauze is sufficiently hot, the tube emits a 
loud sound, typically at a frequency that corresponds to the fundamental mode of the tube. This sound is 
generated by thermoacoustic feedback, which is the interaction between the following two processes:
(1) The heat release rate of the hot gauze fluctuates, leading to fluctuations in density and temperature of 
the air surrounding it; as a consequence, a sound wave is generated.    
(2) The sound wave impinges on the hot gauze, leading to oscillations in the air flow and hence in the heat 
transfer rate; as a consequence, the heat release rate from the hot gauze fluctuates.

A feedback loop between these two processes is established because any sound waves generated by the 
hot gauze are reflected at the tube ends back into the tube and towards the flame. This is shown 
schematically in Figure 1. 

Figure 1 – Feedback between hot gauze and sound field
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An example of an escalating thermoacoustic feedback, i.e. a thermoacoustic instability, can be seen in 
Figure 2, which shows the time history of the pressure in a Rijke tube [3, p. 49]. At first, the pressure 
amplitude increases exponentially (as indicated by the dashed line), then it grows less rapidly, and 
eventually the amplitude reaches a constant value. 

Figure 2 – Time history of the acoustic pressure during a thermoacoustic instability in a Rijke tube

This thermoacoustic feedback occurs not only in the Rijke tube, but more importantly in any acoustic 
resonator, which houses a flame that responds to fluctuations in the surrounding flow field. This includes 
all combustion systems that have a continuously burning flame, such as gas turbine engines, jet 
aeroengines, boiler and heating systems, furnaces and rockets. Here, the basic instability mechanism is also  
a thermoacoustic feedback loop. This, however, does not occur in isolation, but is coupled with other 
physical mechanisms, leading to a complex web of interaction, which tend to be nonlinear.

Combustion is responsible for a number of pollutants of the environment, in particular NOx and CO2. In 
order to minimise NOx production, green combustion technologies use lean premixed flames and burn at 
low temperatures. CO2 production can be minimised by adding hydrogen to the fuel and/or using biofuels. 
Unfortunately, combustion systems based on these approaches are particularly prone to thermoacoustic
instabilities. These can occur suddenly and spontaneously, and when they occur, the resulting oscillations 
may be so violent that they cause structural damage; for example, Goy et al [4, chapter 4] report the 
destruction of a combustion liner and a burner assembly. 

Progress with developing combustion systems that are immune to thermoacoustic instabilities is 
hampered by insufficient physical insight. Efforts to gain new insight are made by researchers worldwide, 
using experimental, analytical and numerical approaches. One can get an overview in the review articles of 
Candel [5], Lieuwen [6] and Huang & Yang [7], in the books by Lieuwen & Yang [4] and Poinsot & 
Veynante [8], in the text by Culick [9], and in the recent review paper by Heckl [10].

The aim of this paper is to consider a generic combustion system, to describe the most important 
physical processes that occur in it, and to explain how these can be modelled mathematically. The paper is 
structured as follows. Section 2 will give an overview of the key physical mechanisms involved in 
thermoacoustic instabilities. Section 3 will introduce a new method to model linear and nonlinear flames 
mathematically. The advantages of using the tailored Green's function for thermoacoustic modelling 
purposes will be demonstrated in Section 4. Section 5 will present a case study, where the concepts from 
Sections 3 and 4 are applied. Conclusions will be given in Section 6.

time [s]
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2. PHYSICAL MECHANISMS
We consider a generic combustion system, as shown in Figure 3(a). It comprises a mixing tube, a

combustion chamber and an exhaust nozzle. Air and fuel enter the upstream end of the mixing tube through 
separate inlets. They mix as they move downstream, and form a more or less homogeneous mixture that 
enters the combustion chamber as a jet. The shear layer surrounding the jet is unstable; this leads to the 
formation of vortices, which are shed periodically, as illustrated in Figure 3(b). The flame, which is 
anchored near the upstream end of the combustion chamber, is perturbed by the vortices; its surface area 
fluctuates, and as a consequence, the rate of heat release fluctuates; this is shown in Figure 3(c). As 
explained in Section 1, a heat source with a fluctuating rate of heat release acts as a sound source. Hence 
the flame emits acoustic waves, which travel away from either side of the flame, see Figure 3(d). The 
acoustic waves are reflected at the resonator boundaries and form a standing wave with a frequency that is 
close to one of the resonance frequencies of the combustion system. 
The acoustic wave induces several secondary feedback loops:
(1) One of these involves mixture inhomogeneities, which are generated because the oscillating pressure in 

the mixing tube modulates the air flow and/or fuel flow. This leads to perturbations in the equivalence 
ratio . These are swept by the mean flow towards the flame, where they induce further fluctuations in 
the heat release rate. This establishes a feedback loop, where the fluctuations travel with the bulk 
flow – at low Mach number – from the air/fuel inlet to the flame, and the sound waves travel in the 
opposite direction with the speed of sound, from the flame to the air/fuel inlet; Figure 4(a) illustrates 
this.

(2) Another secondary feedback loop involves modulations of the flow of the premix, which are generated 
by the oscillating pressure at the combustion chamber inlet. The modulated flow perturbs the heat 
release rate of the flame, which in turn creates a new sound wave. In this feedback loop, the flow 
modulations travel with a speed similar to that of the mean flow from the combustion chamber inlet to 
the flame, and the sound waves travel with the speed of sound in the opposite direction from the flame 
to the combustion chamber inlet, see Figure 4(b).

(3) A further secondary feedback loop involves vortices, which are generated upstream of the flame, 
typically at a sharp edge that forms part of the flame holder. The velocity fluctuations imposed by the 
sound wave at the sharp edge synchronises the vortex shedding. This establishes a feedback loop, where 
vortices travel the length of the flame and on their way disturb the surface area and heat release rate of 
the flame. The flame responds by generating a sound wave, which reinforces the synchronised vortex 
shedding. The vortices travel with a speed similar to the mean flow in the combustion chamber from the 
base to the tip of the flame, and the sound waves travel with the speed of sound in the opposite 
direction. This is shown schematically in Figure 4(c).     
Each of these three feedback loops are characterised by a frequency that is determined by the time it 

takes to complete one cycle of the loop. Given that the mean flow travels much more slowly than the sound 
wave, the time to complete one cycle is dominated by the speed of the mean flow. The periodic oscillations 
driven by these secondary feedback loops are termed "intrinsic modes"; they have received much attention 
recently [11, 12, 13]. Their frequencies are independent of the resonator frequencies. However, if the 
frequency of an intrinsic mode happens to be close to one of the resonator frequencies, coupling between 
an acoustic and intrinsic mode ensues, and they may adopt a common frequency. This phenomenon is 
called "lock-on" [14, 15].

Although the flame is the primary sound source in the combustion chamber, it may not be the only
sound source. The following process can activate a secondary sound source: Apart from generating sound 
waves, an unsteady flame also generates hot-spots that are swept downstream towards the exhaust. These 
travelling hot-spots are called "entropy waves" [16, 17]; their propagation speed is similar to that of the 
mean flow. As long as the hot-spots travel with a constant speed, they produce no sound. However, if they
are accelerated, which happens when they pass through a constriction (e.g. the exhaust nozzle or through 
the gap between turbine blades) they turn into a sound source. A new feedback loop ensues: a hot-spot 
travels from the flame to the exhaust where it gets accelerated; the sound waves generated by this process 
travel from the nozzle back to the flame, where they disturb the heat release rate and induce yet more hot-
spots. Figure 4(d) visualises this feedback loop. 
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Figure 3(a) – Mixing of fuel and air to form a premix travelling with constant speed (the mean flow speed).

Figure 3(b) – Vortex shedding near the upstream end of the combustion chamber

Figure 3(c) – Fluctuations of the flame surface area induced by vortices

Figure 3(d) – Generation of acoustic waves travelling towards the boundaries of the combustion system
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Figure 4(a) – Feedback loop formed by right-travelling mixture inhomogeneities (speed similar to u ) and 
left-travelling sound waves (speed c )

Figure 4(b) – Feedback loop formed by right-travelling flow modulations (speed similar to u ) and left-
travelling sound waves (speed c )

Figure 4(c) – Feedback loop formed by right-travelling vortices (speed similar to u ) and left-travelling 
sound waves (speed c )

Figure 4(d) – Feedback loop formed by right-travelling hot-spots (speed similar to u ) and left-travelling 
sound waves (speed c )
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All the feedback mechanisms illustrated in Figure 4 combine to form a web of multiple interactions. 
They may be supplemented by further interactions: a swirler (typically near the downstream end of the 
mixing tube) would generate a flow field with different velocity components; a row of heat exchanger tubes 
would act as a heat sink and also redistribute the acoustic field; flexible combustion chamber walls would 
be able to vibrate and so absorb acoustic energy from the sound field. 

3. MATHEMATICAL MODELLING OF FLAMES
For low-order modelling of a combustion system, the flame is considered as an input-output system and 

described in the frequency ( ) domain. The input is a velocity fluctuation, ˆ( )u , and the output is a 

fluctuation in the heat release rate, ˆ ( )Q (the hat ^ denotes complex amplitudes). The flame is described by 
the flame transfer function (FTF), denoted here by ( )T and defined by 

ˆ ( ) /( )
ˆ( ) /

T Q Q
u u

, (1)

where Q is the mean heat release rate and u is the speed of the mean flow. The FTF can be measured by 
the setup shown in Figure 5.

Figure 5 – Setup to measure the FTF

The mean flow u gives rise to the mean heat release rate Q . The oscillating velocity comes from an 

external source (e.g. a loudspeaker); it excites the flame with velocity ˆ( )u and induces fluctuations ˆ ( )Q

in the heat release rate. ˆ ( )Q is measured indirectly from the light emitted by a particular radical produced 
during the chemical reaction. The frequency is varied during the measurement in the required range. 
Figure 6 shows a typical result for the gain, | ( ) |T , and phase, ( )T , of a premixed flame.

Figure 6 – Typical spectrum for the gain and phase of a FTF.

If the inverse Fourier transform is applied to Eq. (1), the following result is obtained,

'( ) '( )( ) dQ t u th
Q u

, (2)

where ( )h is the inverse Fourier transform of ( )T . The dashes indicate time-domain quantities: 'Q is 
the fluctuating part of the heat release rate in the time domain, and 'u is the fluctuating part of the velocity. 
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The function ( )h has a straightforward physical meaning: it is the impulse response of the flame, as can 
be seen easily by putting 

'( ) ( )u t u t (3)

into Eq. (2). The FTF and the impulse response are mathematically equivalent, and therefore they contain 
exactly the same physical information: the FTF is the representation in the frequency domain, and the 
impulse response is the representation in the time domain. A typical result for ( )h is shown in Figure 7. 

Figure 7 – Typical time history of a flame's impulse response

This time history has a succession of maxima and minima, which fade for large times. This is in line 
with the physical observations described in section 2: there are several feedback loops involving transport 
processes, and each of these transport processes introduces its own time delay. The maxima and minima in 
Figure 7 are not infinitesimally narrow, like the delta function in Eq. (3), but are surrounded by a 
distribution. The finite width of these distributions is due to various factors, such as dispersion during the 
transport processes (section 7 in [10]). A detailed analysis of the dispersion in one such transport process 
(swirl waves) has been made by Albayrak et al [18].

For mathematical modelling purposes, is useful to have an analytical representation of the FTF and 
impulse response of a given flame. A method has been developed by Gopinathan and Heckl [19], which 
exploits the fact that the individual maxima and minima in a flame's impulse response have the shape of a 
bell and so can be fitted with Gauss curves. Gopinathan and Heckl use a superposition of Gauss curves,

22 2
31 2
22 2
31 2

( )( ) ( )
22 2 31 2

1 2 3
( ) e e e

2 2 2
nn nh (4)

to approximate a given impulse response obtained from FTF data, which may come from numerical 
simulations or experimental measurement. The following quantities are treated as fitting parameters and 
determined numerically from a nonlinear least-square fitting routine:

jn - measure for the height of the Gauss curve; this can be positive (maximum) or negative (minimum)

j - position of the centre of the Gauss curve along the time axis, i.e. prominent time-lag

j - width of the Gauss curve

The integer 1, 2, 3,j denotes the jth Gauss curve in the sum in Eq. (4).

The frequency-domain equivalent of Eq. (4) is the Fourier transform, which can be evaluated 
analytically. The result is

2 22 2 2 2
31 2

31 2 ii i2 2 21 2 3( ) e e e e e en n nT . (5)

The approach described here is a physically motivated mathematical tool to represent a set of FTF data 
points by analytical expressions for the FTF and its corresponding impulse response. These expressions
involve a small number of fitting parameters (typically 6 or 9), which are the same in the frequency domain 
and in the time domain. 
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The concept of the FTF has been extended into the nonlinear regime by Noiray et al [20]. They 
measured the FTF with input signals ˆ( )u of several velocity amplitudes, denoted here by a , and so 
obtained an amplitude-dependent FTF, called "flame describing function" (FDF),

ˆ ( , ) /( , )
ˆ( , ) /

Q a Qa
u a u

T . (6)

Just like its linear equivalent, the FDF can be represented analytically by a superposition of Gauss 
curves as described above. The fitting parameters , ,j j jn ( 1,2,3,j ) then become amplitude-
dependent. An example is shown in Figures 8, 9 and 10 below. These figures are for a methane-hydrogen 
flame (80% CH4, 20% H2) with an equivalence ratio of 0.95. Figure 8 shows the gain and phase of the 
FDF; the markers indicate the original data, and the solid curves give the corresponding analytical 
representations, using three Gauss curves. The following five amplitudes are shown: 

/ 0.02, 0.04, 0.06, 0.08, 0.1a u . Figure 9 shows the corresponding inverse Fourier transforms; the 
dashed curves are for the inverse Fourier transforms of the original data, and the solid curves denote the 
corresponding analytical representations. The curves are extremely similar and hard to distinguish from one 
another. Figure 10 illustrates the amplitude-dependence of the fitting parameters (the amplitude range 
depicted here includes higher values that are not shown in Figures 8 and 9).

Figure 8 – Gain and phase of the FDF of a CH4 - H2 flame. Markers: original data from numerical 
simulation. Solid curves: analytical representations (from [19]).
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Figure 9 – Inverse Fourier transform of the FDF in Figure 8. Dashed curves: inverse Fourier transform of 
the original FDF data. Solid curves: analytical representations (from [19]).

Figure 10 – Amplitude-dependence of the fitting parameters for the  CH4 - H2 flame in Figures 8 and 9
(from [19]).
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4. THERMOACOUSTIC MODELLING WITH THE TAILORED GREEN'S FUNCTION
The Green's function is an impulse response. In an acoustic context, it is the response to a point source 

at position *x , emitting an impulsive sound signal at time *t , measured by an observer at position x at
time t . The tailored Green's function is the response in a configuration, where the source and observer are 
both inside an acoustic resonator. We denote the Green's function by ( , *, *)G x x t t . Its governing 
equation is the nonhomogeneous wave equation,

2
2

2 2
1 ( *) ( *)G G x x t t
c t

, (7)

where c is the speed of sound. It also has to satisfy the boundary conditions of the acoustic resonator, as 
well as the causality condition

( , *, *) 0G x x t t for   *t t . (8)

The general form of the tailored Green's function is a superposition of resonator modes; for a 1-D
geometry, this can be written as 

i

1
( , *, *) H( *) ( , *) e ( *)nn

n
G x x t t t t G x x t t , (9)

where n is the mode number, H is the Heaviside function (this guarantees that the causality condition (8) is 
satisfied), n is the frequency (which may be complex with a negative imaginary part if the mode is 
damped) of mode n , and ( , *)nG x x is its amplitude. n and ( , *)nG x x can be calculated analytically for  
configurations, that can be divided into uniform 1-D sections; in principle, they can also be measured. 

The tailored Green's function is a useful mathematical tool for the solution of partial differential 
equations (PDE) that have a forcing term. One such PDE is the acoustic analogy equation [21],

2
2

2 2 2
1 ( 1) 'q

tc t c
, (10)

written here for the velocity potential . The left hand side is the well-known part of the standard wave 
equation, while the right hand side represents the forcing term. This contains the quantity 'q , which is the 
fluctuating part of the local heat release rate (heat release rate per unit mass); the quantities (mean 
density) and (specific heat ratio) are constants. 

Equation (10) expresses the fact (mentioned in the second paragraph of the introduction) that a heat 
source with a fluctuating rate of heat release is a source of sound. By combining the two PDEs (7) and (10), 
and assuming that the flame is compact, i.e. its heat release rate can be described by 

'( , ) ( ) ( )qq x t q t x x , (11)

an integral equation can be derived for the acoustic field. This derivation involves several mathematical 
steps, which can be found in [22]. The resulting equation for the 1-D case is 

2
* 0 '

1' ( ) ( *) d *
q
q

t
q x x

t x x

Gu t q t t
xc

, (12)

where ' ( )qu t denotes the acoustic velocity at the flame position qx . This equation can be interpreted in a 

straightforward manner. To this end, we write it in terms of the acoustic pressure 'qp at the flame position
(omitting the constant term with and ),

* 0
' ( ) ( *) ( *)d *

t
q

t
p t q t G t t t . (13)
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( *)G t t is the Green's function, i.e. the response at time t to a unit impulse emitted at time *t . Hence 
the response to an impulse emitted at 1t with peak value 1q is 1 1( )q G t t . This is illustrated in the top two 
sub-figures of Figure 11. The response to an impulse emitted at 2t with peak value 2q is 2 2( )q G t t , and 
so on. The time history of the source term ( *)q t can be approximated by a series of impulses in quick 
succession, with varying peak values 1 2, ,q q , as shown in the bottom left sub-figure of Figure 11. The 
responses to these individual impulses superimpose to form the combined response 

1 1 2 2( ) ( )q G t t q G t t , as shown in the bottom right sub-figure. This sum is simply the discretized 
version of the integral in Eq. (13). 

Figure 11 – Interpretation of the integral equation (13)

In order to be able to solve Eq. (12), it is necessary to know how the heat release rate depends on the 
acoustic field. A suitable flame model provides this information. We assume that it is given by a functional 
in the generic form

( ) ( ( ))qq t u tF . (14)

In the simplest case, (14) would be a time-lag law with coupling coefficient n and time-lag ,

( ) ( )qq t nu t . (15)

In the general case, the functional F can be determined from the FTF or FDF of a specific flame. 

A governing integral equation for the velocity ( )qu t is obtained by inserting (14) into the integrand of 
Eq. (12),

2
* 0 '

1' ( ) ( ( *)) d *
q
q

t
q qx x

t x x

Gu t u t t
xc

F . (16)

This equation can be solved numerically with a straightforward iteration, stepping forward in time; details 
can be found in Bigongiari and Heckl [23]. 
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5. CASE STUDY: MODE COUPLING IN A HALF-WAVE RESONATOR WITH A 
NONLINEAR FLAME
The configuration in this case study is an open-ended tube with a compact swirl flame at qx x (see 

Figure 12). There is a jump at qx x in mean temperature, from 1T to 2T , and a corresponding jump in the 

mean density from 1 to 2 as well as in the speed of sound from 1c to 2c . The flame is a compact swirl 
flame, burning methane in the lean combustion regime ( 0.77 ). This configuration was studied in [24, 
25], and the highlights are reported here. 

Figure 12 – Schematic illustration of the modelled configuration

The FDF was determined from CFD simulations [24]. An analytical approximation was found by the 
method described in Section 3, involving a superposition of two Gauss curves in the time domain,

1 1 2 2
0 0

( ) ( ) ( ) d ( ) ( ) dq qq t K n u t D n u t D , (17)

with 
2 2

QK
Su

(this is a conversion factor between the local and global heat release rate; S is the cross-

sectional are of the tube), and the distributions
2

1
2
1

( )
2

1
1

2( )
2

D e ,

2
2
2
2

( )
2

2
2

2( )
2

D e . (18)

The fitting parameters 1 1 1, ,n and 2 2 2, ,n were determined as described in Section 3. All of them 
turned out to decrease with amplitude. Their amplitude dependence was therefore approximated by the 
following linear functions (best fit),

1 7.4 14.94 an
u

, 2 4.7 14.94 an
u

(19)

1 4.13 6.56 [ms]a
u

, 2 6.31 1.89 [ms]a
u

(20)

1 1.94 3.16 [ms]a
u

, 2 1.21 1.54 [ms]a
u

(21)

The tailored Green's function was written as the sum of the first two resonator modes,

1 2i ( *) i ( *)
1 2( , *, *) H( *) ( , *)e ( , *)et t t tG x x t t t t G x x G x x . (22)

The frequencies 1 2, were calculated from an eigenvalue approach; they depend on the parameters 

1 2, , qc c x and L . The Green's function amplitudes, 1 2,G G , depend on the same parameters. Details can be 
found in [25]. 

By solving the integral equation (16) numerically with the time stepping method outlined in Section 4, 
the time history ( )qu t was obtained over a long time interval, 0,  10s .t This is shown in Figure 13; the 
relevant parameters are given in the figure caption. 
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Figure 13 – Time history of ( )qu t in an open-ended tube with length 1.2mL and flame at 0.20mqx ;

there is a cold region upstream (300 K for 0 qx x ) and a hot region downstream (1700 K for 

qx x L ). The initial condition is ( 0) / 0.01qu t u ; the Green's function includes the first two modes; 

the factor K was 6 -11.41 10 W s kgK

The amplitude increases exponentially at first, and then grows less rapidly; beyond about 2st , a limit 
cycle is established with final amplitude / 0.1a u . In order to investigate whether or how the modal 
amplitudes change during the evolution, the frequency spectrum was calculated for an early time window, 
[0, 1s] (see Figure 14(a)), and for a late time window, [9s, 10s] (see Figure 14(b)). These spectra reveal that 
mode 1 is dominant during the growth stage of the evolution (small amplitudes), and that mode 2 takes over 
at the limit cycle stage (large amplitudes).

(a) (b)
Figure 14 – Fourier transform of the time history  shown in Figure 13.

(a) Time-window [0, 1s]. (b) Time-window [9s,10s].

qu
u

time [s]
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6. CONCLUSIONS 
This presentation has given an overview of the key physical mechanisms involved in thermoacoustic 

instabilities. At the core is a thermoacoustic feedback involving a flame in an acoustic resonator. In tandem 
with this primary feedback loop, there are secondary feedback loops; these involve low-Mach number 
transport processes perturbing the flame, which in turn emits an acoustic wave. 

The two core elements of a low-order mathematical approach are a model for the flame and a model for 
the acoustic resonator. A method to model a flame analytically was introduced, based on experimental or 
numerical data for its flame describing function. This method is inspired by the physical fact that different 
transport processes are associated with different time-lags. Unsurprisingly, given this physics-inspired 
mathematical approach, the accuracy of the analytical flame models is very good and requires only a small 
number of fitting parameters. 

Our model for the acoustic resonator is based on the tailored Green's function of that resonator. This is 
an uncommon approach; network models ending up in eigenvalue calculations are usually the method of 
choice for an analytical approach. However, the Green's function approach is more versatile. It can easily 
be combined with any flame model and predictions can be made, no matter whether the flame model is 
linear or nonlinear. The tailored Green's function is made up the actual resonator modes, so it is a natural 
tool for studying the interaction between two or more thermoacoustic modes. The most challenging part of 
this approach is the calculation of the tailored Green's function. However, once this has been determined 
for a particular configuration, a variety of scenarios can be simulated in a straightforward manner, and 
parameter studies can be made with a minimum of numerical effort. It is a very useful tool for designing 
new combustion systems that are immune to thermoacoustic instabilities.
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Abstract
In this paper, we design an ANC partition with film speaker and demonstrate the effectiveness through exper-
imental results. In a cubicle of public areas, like a reception desk inside bank, surrounding sound including
conversation and environment noise avoids smooth conversation and the privacy may not be protected due to
leaking to the adjacent cubicles. In such a case, the partition should have not only passive sound control function
but also active sound control function. However, the ordinary loudspeaker (electrodynamic loudspeaker) may
not be implemented into the partition effectively and may not control enough region in the cubicle. In this paper,
we implement a film speaker into the partition and realize active noise control (ANC) system. The proposed
ANC partition can achieve more than 10 dB noise reduction and wider zone of quiet compared with the ANC
partition using the ordinary loudspeaker.

1 INTRODUCTION
In recent years, when many people talk at the same time in an open place, there are problems such as

difficulty in conversation and information leakage such as TV and snoring disturb sleep in a hospital room,
and conversations leak to people next to a bank window, a meeting room, and a shared office. We therefore
examine a partition with active noise control (ANC) in order to solve the problem. Active noise control (ANC)
is a means of reducing noise. ANC is a system that can reduce noise by superimposing anti noise of the same
amplitude and opposite phase as the target noise (1-4).

As similar applications, ANC headrest for reducing broadband noise has been already proposed and examined
in the reference (5). In the ANC headrest, since the headrest part is surrounding the user’s head, this could
be thought one kind of ANC partitions. As another approach, an ANC partition for reducing snore noise in
bed rooms has been proposed in the reference (6). In this approach, the ANC partition is located between a
snoring person and the partner, and then creates Zone of Quiet (ZoQ) for the partner. Either approach considers
creating ZoQ for one person who is sitting a chair with the ANC headrest or is exposed by snore noise from the
partner. However, this paper aims at controlling sound environments in a cubicle of public areas like a reception
desk inside band. In this case, one partition should reduce noise in not only one cubicle but also the adjacent
cubicle at the same time, and two loudspeakers must be consequently implemented at the same location on the
both sides of the partition as secondary sources. In such a situation, ordinary loudspeaker (e.g. electrodynamic
loudspeaker) requires a thick partition to ensure a back cavity for the loudspeaker and such bulky partition
is not practical. Moreover, multiple loudspeakers with large diameter are needed to control wider area in the
cubicle and costly, bulky and complicated system is accordingly required. Furthermore, active noise control
barriers have been studied by many researchers as a similar application (7-12). However, these studies aim at
larger sound barriers for road noise and surrounding noise around house, so that ordinary loudspeakers can be
easily installed for such ANC barriers unlike ANC partitions for small cubicle.

In this paper, we utilize a thin film speaker instead of an ordinary loudspeaker as a secondary source. By
using thin film speaker, the secondary sources can be implemented at the same location on both sides of a
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thin partition and the cost and space can be consequently saved. Moreover, this thin film speaker can generate
similar sound wave surface as the diffraction sound with the partition from the noise source and can control
wider areas in the cubicle.

2 ANC PARTITION
ANC partition where secondary sources are installed on the partition can create zone of quiet (ZoQ) around

the user’s ears and multiple ANC partitions can create quiet sound environment in a cubicle surrounding by the
partitions. In this case, a multi-channel ANC is required to realize higher noise reduction while considering the
crosstalk paths. In the ANC partition, the error microphones are generally put on the partitions, so that ZoQ
cannot be created around user’s ears. One of solutions is to utilize fixed noise control filters which are obtained
by setting the error microphones around the user’s ears and estimating the optimal filter coefficients in advance.
In this paper, we realize an ANC partition based on the fixed noise control filter. Moreover, we utilize two
ANC partitions to control sound near the user’s ears and apply CASE (1,2,2) ANC which has one reference
microphone, two secondary sources and two error microphones.

3 CASE (1, 2, 2) ANC SYSTEM
A block diagram of the CASE (1,2,2) ANC system is shown in Fig. 1. In Fig. 1, em(n) is an error signal,

yk(n) is an output signal of a noise control filter, and x(n) is a reference signal. Here, m(= 1,2) represents
the channel of the error microphone, and k(= 1,2) represents the channel of the secondary source. The filtered
reference signal is given by

rmk(n) = ŝmk ∗ x(n) (1)
using x(n) and the secondary path model ŝmk. Also, the noise control filters are updated by

wk(n+1) =wk(n)+
2

∑
m=1

α
β +‖rmk(n)‖2 rmk(n)em(n), (2)

where wk(n) is the filter coefficient vector, and rmk(n) is the filtered reference signal expressed as

wk(n) = [wk0(n) wk1(n) · · · wkM−1(n)]T ,
rmk(n) = [rmk(n) rmk(n−1) · · · rmk(n−M+1)]T , (3)

where M is the tap length of the noise control filters, α is a step size parameter, and β is a regularization
parameter which prevents the divergence due to small reference signal, respectively.

4 EXPERIMENTAL RESULTS
The effectiveness of the ANC partition based on the CASE (1,2,2) ANC is examined through noise reduction

experiments using an actual system. In the experiments, we compare the error spectra at the error microphone
locations and the size of noise reduction areas between an ordinary loudspeaker and a film speaker which are
installed on the partitions respectively. A dynamic loudspeaker (P650K from FOSTEX) is used as an ordinary
loudspeaker and a film speaker is made by Nitto Denko corporation. The experimental conditions are shown in
Table 1, the experimental environment is shown in Fig. 2(a), and the system arrangement is shown in Fig. 3,
respectively. The experiments were conducted in a soundproof room (2.9× 3.1× 2.1m3). The sound pressure
level of the noise was set to be 60 dB near the right ear (Ch. 1) of the HATS (Head and Torso Simulator).
Figure 4 shows the sound pressure distribution when the ANC is not operating.

Figures 5 and 6 show the error spectra at each error microphone (each ear) using the ordinary loudspeakers
and film speakers as the secondary sources, respectively. It can be seen from Figs. 5 and 6 that the ANC
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Figure 1. Block diagram of CASE(1, 2, 2) ANC system.

partition with the ordinary loudspeaker can reduce the noise more at the both error microphones (ears) than the
ANC partition with the film speaker. However, the dynamic loudspeaker requires sufficient thickness for the
partition, it is consequently difficult to install it on the partition. Hence, the film speaker is more suitable for
the ANC partition.

Next, Fig. 7 shows sound pressure level distributions after ANC inside the cubicle bounded by the two ANC
partitions. It can be seen from Fig. 7 that the ANC partition with the film speaker can create wider noise
reduction area (ZoQ) than that with the ordinary loudspeaker. We measured the phase planes from noise source
(diffraction wave due to the partition), the ordinary loudspeaker installed on the partition, and the film speaker
installed on the partition, respectively. Fig. 8 shows the phase planes when emitting a sinusoidal wave whose
frequency is 800 Hz. It can be seen from Fig. 8 (a) and (b) that the film speaker can generate plane wave
rather than spherical wave unlike the dynamic loudspeaker. Moreover, it can be found from Fig. 8 (c) that the
diffraction sound from the noise source has the same characteristics as the film speaker. Hence, the film speaker
can realize the similar sound wave surface as the diffraction sound from the noise source in wider areas, so
that the wider ZoQ can be created inside the space bounded by the partitions. From the above results, the film
speaker is more suitable for the ANC partition.

Table 1. Measurement conditions in noise reduction experiments
Unwanted noise White noise (500 - 800 Hz)

Tap length of noise control filter Wk 200
Tap length of secondary path model Ŝmk 70

Step size parameter α 0.01
Regularization parameter β 1.0×10−6

Sampling frequency 4000 Hz
Cut-off frequency of analog low-pass filter 1000 Hz
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(a)Ordinary loudspeaker (b)Film speaker

Figure 2. Experiment environment

Noise Source

Partition

Reference Microphone Error Microphones

Ch. 1 Ch. 2

10 cm

70 cm 30 cm 12.5 cm

17.5 cm
45 cmHATS

Ch. 1 Ch. 2

Figure 3. System arrangement in CASE(1, 2, 2) ANC system.

Figure 4. Sound pressure distribution at ANC off.
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Figure 5. Comparison of error spectra at the error microphone locations in CASE(1, 2, 2) ANC system with
ordinary loudspeaker
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Figure 6. Comparison of error spectra at the error microphone locations in CASE(1, 2, 2) ANC system with
film speaker

(a)Ordinary loudspeaker (b)Film speaker

Figure 7. Sound pressure distributions in CASE(1, 2, 2) ANC system.
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(a)Ordinary loudspeaker (b)Film speaker (c)Noise source

Figure 8. Comparison of phase planes from ordinary loudspeaker, film speaker, and noise source.

5 CONCLUSION
In this paper, we developed an ANC partition using a film speaker and demonstrate the effectiveness through

some experiments. The ANC partition with the film speaker can realize wider ZoQ than the ordinary (dynamic)
loudspeaker inside the space bounded by the partitions. This is because the film speaker can generate similar
sound wave surface as the diffraction sound with the partition from the noise source. Hence, the film speaker is
more suitable for the ANC partition. In the future, we will develop an ANC partition which can control sound
spaces of both sides of the partition.
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Feedforward Control of Fan Noise in Ducts using Multichannel 
Order-reduced Inverse Filters 
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 Department of Power Mechanical Engineering, National Tsing Hua University, Taiwan 

ABSTRACT 
Single-channel feedforward control is a commonly used approach for active noise control (ANC). In this 
paper, a time-domain underdetermined multichannel inverse filtering technique is proposed for the 
feedforward active control (ANC) of duct noise. In the commonly used filtered-x least-mean-square 
(FXLMS) algorithm, the feedforward control problem is formulated as an overdetermined inverse filtering 
problem which generally results in non-zero residual noise. By introducing multiple secondary sources, the 
problem can be reformulated into an underdetermined system, which admits infinite number of exact 
solutions with zero residual noise. Linearly constrained minimum variance (LCMV) method is employed in 
the controller design. However, as a major shortcoming of the time-domain approach, the length of the filters 
tends to be too long to admit digital signal processor (DSP) implementation. To address the problem, the least 
absolute shrinkage and selection operator (LASSO) algorithm, is exploited to effectively reduce the 
controller orders. A two-channel system is implemented to suppress the fan noise of an air-cleaner. 
Simulation and experiment results have demonstrated that the proposed approach has achieved significantly 
higher noise reduction than the conventional FXLMS algorithm. 
 
Keywords: Active noise control, Multiple channels, Inverse filtering 

1. INTRODUCTION 
Active noise control (ANC) has been a field of active research for several decades. ANC is a 

method for attenuating undesired noise by secondary sources, which is particularly effective in low 
frequency range (1, 2). There are three control structures of ANC system: the feedforward structure (3, 
4), the feedback structure (5, 6), and the hybrid structure (7, 8, 9) which combines the former two 
structures. This paper is focused on the widely used feedforward structure.  

The feedforward active noise control problem is an overdetermined inverse filtering problem 
which typically leads to non-zeros residual noise. A method of multiple-input/output inverse theorem 
(MINT) was suggested (10) to convert the overdetermined problem to a square one by adding 
additional channels of secondary sources. In this paper, the MINT is extended to a time-domain 
underdetermined inverse filtering (TUMIF) approach (11), where a regulated underdetermined 
problem is posed in a model-matching framework. 

Traditionally, feedforward control for ducts is implemented with adaptive filters such as the 
filtered-x least mean square (FXLMS) algorithm (12, 13). In contrast, the TUMIF controllers are 
implemented as fixed filters obtained using optimizations methods, e.g., the least squares (LS) with 
an L2-norm regularizer, also known as the Tikhonov regularization (TIKR) (14, 15). However, the 
resulting FIR filters are prohibitively long. To overcome this difficulty, a sparse coding (SC) 
technique (16) named the least absolutely shrinkage and selection operator (LASSO) algorithm (17) 
is employed to reduce the controller’s complexity. 

To further enhance the TUMIF controllers, the linearly constrained minimum variance (LCMV) (18) 
approach is exploited by considering the noise covariance matrix and multiple linear constraints posed 
in the TUMIF. The LCMV algorithm seeks to minimize the array output power subject to linear 
constraints. The major contribution is to implement the LCMV-TUMIF approach on an active fan 
noise control problem of duct. In addition, the orders of controllers are reduced by using sparse 
coding techniques to enable real-time implementation. Experimental results are given and discussed. 

2. THE TIME-DOMAIN UNDERDETERMINED MULTICHANNEL INVERSE 
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FILTERS (TUMIF) 

2.1 Two-channel TUMIF system 
The idea of TUMIF is to incorporate N-channels (N > 1) of secondary sources into the ANC 

system. This section focuses on a two-channel system. For a general N-channel TUMIF-based 
feedforward system, we refer the interested readers to a previous paper (11). 

 
A two-channel feedforward TUMIF system is shown in Figure 1. This can be viewed as a 

model-matching problem, as described in the following equation: 
1 1 2 2[ ] [ ] [ ] [ ] [ ],c k g k c k g k m k  (1) 

where k denotes the discrete time index and “ ” denotes the convolution. The impulse response m[k] 
represents the primary path, whereas g1[k] and g2[k] denote the secondary paths. The aim is to 
minimize the residual noise e[k] by using the feedforward controllers c1[k] and c2[k]. Assume that 
the primary path, two secondary paths, and two feedforward controllers are modeled by Lm, Lg, and 
Lc-tapped finite impulse response (FIR) filters. In matrix notations, the model -matching problems 
can be written as 

,T TG c m 0  (2) 

where  

2
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Figure 1 – The block diagram of a two-channel feedforward ANC system. 
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1 2 ,m c g cLL L L  (8) 
1,c gL L  (9) 

where “T ” denotes matrix transpose. 

 
The TUMIF system described by Equation 2 is an underdetermined system if the inequalities of 

Equations 8 and 9 are fulfilled by choosing appropriate filter lengths, Lg, Lc and Lm. Assuming that 
GT has full-rank, the vector subspaces (19) associated with GT is illustrated in Figure 2. ( )TTN G  
shrinks to 0, so ( )TTRm G , suggesting solutions always exist. Furthermore, ( )TN G  is not {0}, so 
infinite number of exact solutions exist. The minimum-norm solution is 

1( ) .T T
LS T T Tc G G G m  (10) 

The controller gain can be regularized by the TIKR method 
2 1( ) ,T T

TIKR T T Tc G G I G m  (11) 
where is the regularization parameter to trade-off the controller gain and noise reduction 
performance. 

To enhance the feedforward ANC system, the LCMV design is employed to minimize the control 
effort. 

2 2

1 2 ,T T T
T xx TE Ec x c x c R c  (12) 

where E  denotes the expected value, xxR  consist of ssR , and x is the input noise vector. 

[ ] [ 1] [ 1] Tcx k x k x k Lx [[[k[[[  (13) 

and ,ss
xx

ss

R 0
R

0 R
 (14) 

where ssR  is the noise covariance matrix. That is, the LCMV optimization problem can be written as 

min . .T
T xx T T Tst

c
c R c G c m  (15) 

The optimal controllers of the preceding constrained optimization problem are 
1 1 1( ) ( (( ) ) ) ,T T

LCMV xx T T xx Tc R I G G R I G I m  (16) 
where and denote the regularization terms in TIKR approach. 

2.2 Order Reduction of Feedforward Controllers 
The preceding controllers tend to be too long to be implemented in real-time. To overcome the 

difficulty, a sparse coding technique will be exploited to reduce the order of controller. The 

Figure 2 - Vector subspace for the full-rank underdetermined problem. There exist infinite number of exact 

solutions. cr is the projection of cT in ( )TTN G and cn is the projection of cT in ( )TN G . 
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TUMIF-based ANC problem can be posed as a constrained optimization problem: 

0min   . ,Tst
c

c G c m 0  (17) 

where 0c  denotes the zero-norm, or the cardinality of the solution vector, c . To accommodate noise 
robustness, inequality constraint is used instead. 

0 2min  . ,Tst
c

c G c m  (18) 

where η is a threshold and 2  donates the L2-norm. This problem can be solved by using relaxation 
methods or greedy methods. This paper adopts one of relaxation methods, the LASSO algorithm. 
Instead of the zero-norm, the LASSO approach uses the L1-norm in the cost function to obtain a 
convex optimization problem (20, 21, 22) as shown  

1 2min   . ,Tst
c

c G c m  (19) 

where 1  denotes the L1-norm. Besides, Equation 19 can also be converted into an equivalent 
unconstrained convex optimization problem. 

2

2 1

1min  ,
2 Tc
G c m c  (20) 

where  denotes the regularization parameter that serves as a weighting for sparsity. 
To extend this to the LCMV controllers, we rewrite Equation 15 into a modified LASSO form: 

2

2 1

1min  ,
2 T T T xxc
G c m c r

1
,

1xx  (21) 

where  denotes the Hadamard product and vector rxx is derived from the noise covariance matrix 
dvec( ) ,

dvec( )
xx

xx
xx

Rr
R

 (22) 

where dvec( )  denotes the operation to convert diagonal entries of a matrix into a column vector, and 
denotes the infinity norm. The convex optimization problems can be solved by the package CVX 

(23) or the alternating direction method of multipliers (ADMM) (24) method. 
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3. EXPERIMENTAL RESULTS 

 

 
In this section, several experiments were performed to validate the two-channel feedforward ANC 

system in anechoic room, as shown in Figure 3. The noise attenuation performance of controllers is 
compared with or without order reduction method. The duct is 1.75 m long, with rectangular 
cross-section 0.16 m×0.16 m and wall thickness 0.018 m as shown in Figure 4. The corresponding 
cutoff frequency of the duct is 1078 Hz that is also regarded as the control bandwidth in which the 
sound field in the duct can be treated as plane waves. 

 
In this paper, fan noise band-limited to 4 kHz is used as the noise source. In experiment, all of the 

controllers which are offline designed under 8 kHz sampling rate are implemented on the 
TMS320C6416 of Texas Instrument® for two control loudspeakers. The conventional FXLMS 
algorithm for control-loudspeaker 2 is adopted as a benchmarking method. However, with the 
limitation of TMS320C6416’s computation power, the allowable maximum number of taps of 
controller is 400. Therefore, the controllers in this work are selected to be 400 taps in experiment and 
simulation. In addition, the step size of the FXLMS is 0.01, the regularization parameter of the 
TUMIF-LCMV is 0.01, the TUMIF-TIKR is 0.1, and the other sparse coding approaches is 0.001. 
  

Figure 3 – The experimental arrangement of duct ANC system in the anechoic room. 

Figure 4 – Dimensions of the wooden duct. 
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Figure 5 of simulation results show that the order-reduced controllers perform well in noise 

reduction. Because of the limitation of DSP board’s computation power that mentioned previously, the 
performance of the unreduced controllers will decrease severely. However, with the noise covariance 
matrix, the TUMIF-LCMV approach has a better and more robust performance. In experiment, the 
unreduced TUMIF-LCMV controllers attains 0-15dB noise suppression performance more than the 
benchmarking controller in frequency range 100-770 Hz. Moreover, the order-reduced 
TUMIF-LCMV achieves 0-60dB noise attenuation performance more than the benchmarking 
controller in frequency range 100-1100 Hz. Therefore, Figures 6 and 7 of experimental results 
indicate that the order-reduced TUMIF controllers attain larger noise attenuation than the unreduced 
controllers. In particular, the order-reduced TUMIF-LCMV approach attains 5-80 dB noise 
attenuation in frequency range 100-1100 Hz, which is the best among all methods. 

 

 

 
  

  (a)   (b) 

Figure 5 – Simulation results obtained using the FXLMS, the TUMIF-TIKR, the TUMIF-LCMV, the 

TUMIF-LCMV-CVX, the TUMIF-LASSO-CVX and the TUMIF-LASSO-ADMM. (a) residual noise, and (b) 

noise reduction performance (control off – control on). 

  (a)   (b) 

Figure 6 – Experimental results obtained using the FXLMS, the TUMIF-TIKR and the TUMIF-LCMV.  

(a) residual noise, and (b) noise reduction performance (control off – control on). 
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4. CONCLUSIONS 
In this paper, we apply the linearly constrained minimum variance (LCMV) method to reformulate 

the time-domain underdetermined inverse filters for feedforward ANC. In order to simplify the FIR 
controllers, we use the sparse coding technique to reduce the order of the controllers such that in 
real-time implementation is possible. 

Through experiments, the proposed LCMV-TUMIF controller has demonstrated superior noise 
attenuation performance over other methods. However, the TUMIF-LCMV-CVX controllers will 
behave like the TUMIF-LASSO controllers if regularization parameter defined in Equation 21 is 
slightly under-regularized.  

Given a DSP board with limited computational power, the sparsely coded TUMIF controllers 
significantly outperforms the FXLMS algorithm in noise attenuation. In the future, more efficient 
implementation of the LCMV-TUMIF controllers will be investigated. 
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Abstract
An attempt has been made in this paper to simulate active noise control (ANC) in a three dimensional space using
computational fluid dynamics and pressure acoustics. We have considered a rectangular box, with primary and
secondary sources at the two opposite sides of the box. A model of ANC has been developed, which considers
a cardboard surface and air as the fluid. A control algorithm, which interacts with the fluid dynamic model has
also been developed, which tries to achieve active noise control. The proposed approach can be used as an initial
feasibility study to predict acoustic pressure field inside the control space.
Keywords: Computational fluid dynamics, active noise control

1 INTRODUCTION
Noise control strategies may be broadly classified into passive noise control (PNC) and active noise control
(ANC). ANC has been reported to be effective for low frequency noise mitigation when compared to PNC[1].
The basic principle of ANC is destructive interference of sound. In a feed-forward ANC system, a primary mi-
crophone is used to measure the reference signal, a loudspeaker is used to produce the necessary control sound
and an error microphone is used to sense the residual noise. The loudspeaker is controlled by an adaptive con-
troller, which is usually an adaptive filter. The most widely used controller is an adaptive finite impulse response
(FIR) filter, the weights of which are updated using a filtered-x least mean square algorithm (FxLMS)[2].
The effectiveness of an FxLMS algorithm based ANC system is dependent on appropriate modeling of the
secondary path, which is the electro-acoustic path from the loudspeaker to the error microphone[3]. When ANC
is implemented in a 3D space, multiple loudspeakers and microphones are necessary, making the implementation
a multi-channel ANC[4], also requiring different algorithms to achieve the same[5],[6]. For implementing ANC
in a new environment, the first step is a modeling of the secondary paths, which is followed by appropriate
placement of the loudspeakers and microphones. A suitable algorithm is then implemented to achieve ANC[7].
In an endeavour to design a mechanism to visualize noise cancellation in an arbitrary space, before attempting
any physical implementation, this paper proposes a fluid dynamic modeling scheme. The arbitrary space in
which the noise cancellation is envisioned is modeled by using a finite elements method. Further, the loud-
speakers necessary for achieving ANC are introduced in this model as surface perturbations. The microphones
are considered as acoustic pressure probes. In addition, the control algorithm is implemented in a MATLAB
environment, with a real time interface achieved using MATLAB LivelinkT M . The proposed approach is also
envisioned to help in determining optimal positions of loudspeakers and microphones in a given ANC system
implementation. Other similar approaches include methods based on finite difference time domain approach [8],
wave field synthesis [9] and finite element method [10].
A real time implementation of ANC in a rectangular cardboard box has also been carried out and the ex-
pected sound levels during the noise cancellation process has been visualized using the proposed fluid dynamic
approach. This method can serve as an initial feasibility study to predict acoustic pressure field inside the con-
trol space. The rest of the paper is organized as follows: The geometry, governing equations and the modelling
strategy followed in this paper is introduced in Section 2. The simulations results obtained through the proposed
method are also presented in this section. Section 3 deals with the experimental setup as well as a discussion
on the experimental results and the concluding remarks are drawn in Section 4.
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a b

Figure 1. a. The geometry b. Meshing

2 GEOMETRY, GOVERNING EQUATIONS AND MODELING
An attempt has been made to create a simulation mechanism to understand noise cancellation at various loca-
tions in an arbitrary three dimensional space. We have used COMSOL multiphysics to achieve this task. The
geometry, which includes an air column inside a rectangular box, was developed in the software using COM-
SOL geometry interface. Two separate rectangular sub-geometry are made, to simulate the primary and control
speakers, on opposite faces of the rectangular box. Meshing is another crucial step in the numerical simulation
wherein the geometry is subdivided into smaller cells and the equations of motion are solved. Here a fine
meshing is performed using a free tetrahedral mesh with minimum element size of 0.01 m and a maximum of
0.1 m. The mesh size has been considered to be less than one-sixth of the minimum wavelength involved in
this exercise. As the maximum frequency used in this study is 200 Hz, we have used a maximum element size
of 0.1 m, which is less than one sixth of the minimum wavelength λ = c/ f = 343/200, where c is the speed
of sound in air and f is the frequency of interest. It may be noted that we have used uniform meshing in this
study. The geometry and the meshing used is shown in Figure 1. The medium has been assumed as stationary,
with no flow into or out of the system. The Neumann boundary conditions has been taken for the surfaces of
the rectangular box, which is defined as

∂P′

∂n
= 0, (1)

where P′ is the acoustic pressure at the boundary and n is the normal vector to the surface. In COMSOL
environment, this boundary condition is also referred to as the sound hard boundary condition. A pressure
boundary condition is applied to primary speaker. The pressure condition can replicate a speaker diaphragm
generating a time dependent harmonic pressure signal, which is explicitly defined using a field function. The
control speaker is also given a pressure boundary condition wherein the pressure values are updated for each
time step of the simulation through the LivelinkT M feature for MATLAB provided with COMSOL software.
In this study, we have assumed the air column within in the rectangular box to be stationary. Thus we use
a pressure acoustics physics model, which solves the 3D acoustic wave equation to analyze this system. The
sound produced by the primary or the secondary speakers can be considered as small perturbations. This allows
us to make a linear approximation approach also referred to as the classical acoustic approach. The 3D acoustic
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Figure 2. The impulse response for the secondary path in simulation

wave equation which we have tried to implement in this study is given by

∇
2P′ =

1
c2

∂ 2P′

∂ t2 , (2)

which has been obtained from the momentum equation, mass conservation equation and the state equation given
by

−∇ ·P′ = ρ0
∂u
∂ t

, (3)

∂ρ ′

∂ t
=−ρ0∇ ·u, (4)

and
dPt

dρt
= c2 (5)

respectively. In the above mentioned relations, P′ is the acoustic pressure, Pt = (P′+P0) is the total pressure,
c is the speed of sound, ρ0 is the fluid density, ρ ′ = (ρt −ρ0) is the change in density and bmu is the fluid
particle velocity. The acoustic wave model used in COMSOL Multiphysics also takes a similar form and is
defined as follows:

1
ρc2

∂ 2 pt

∂ t2 +∇ ·
(
− 1

ρ
(∇pt−qd)

)
= Qm, (6)

where pt is the acoustic pressure, ρ is the specific mass qd dipole source and Qm is the monopole source [11].
A multi-frontal massively parallel sparse parallel solver (MUMPS) has been used to solve the system of linear
equations in the simulation. A time dependent study has been performed to understand how sound propagates
in the medium with time. The pressure wavefront of the primary loudspeaker travels at a speed of 343 m/s
(as the domain has been selected as air) and reaches the error microphone (which is placed at the geometric
centre point of the cardboard box model), which is at a distance of 0.375 m from the primary loudspeaker in
343(m/s)/0.375(m) = 0.00109(s). Thus to accurately capture the sound field at the error microphone, we have
used a time stepping of 0.001 s in this study.
The first step in the proposed integrated simulation task is a secondary path modeling. A band limited white
noise was generated in MATLAB and was used to drive the primary loudspeaker model. The response at the
error microphone for this input was captured in the COMSOL model. The input signal as well as the error
microphone response were used to estimate the secondary path model using an offline implementation of the
LMS algorithm. The impulse response of the secondary path obtained is shown in Figure 2. This secondary
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a. 115 Hz, µ = 0.1 b. 115 Hz

c. 150 Hz, µ = 0.1 d. 150 Hz

e. 200 Hz, µ = 0.01 f. 200 Hz

Figure 3. Control speaker signal (a, c, e) and corresponding error signals (b, d, f) for 115 Hz, 150 Hz and 200
Hz

path impulse response was used in the FxLMS algorithm to control the sound field in the COMSOL model, by
driving the control loudspeaker using MATLAB LiveLinkT M . The three noise cancellation scenarios considered
in the experimental study were repeated using the proposed COMSOL model. The control signal applied for
the three cases and the corresponding error signals are shown in Figure 3. We can also observe a close match
between the noise cancellation results obtained using simulation as well as experimental study. Figure 4 shows
the pressure surface plots and iso-surfaces for the simulation run at 115 Hz. It shows how pressure levels
inside the domain varies with the control speaker. Thus the proposed approach acts as a good visualization
tool for understanding noise cancellation in 3D environment. This can also help in checking feasibility of noise
cancellation before attempting any real time implementation for any arbitrary sound column, which could be
modeled in a COMSOL platform.
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a. Surface plot b. Iso-surfaces

c. Vertical slice plot

Figure 4. Simulation results (Using COMSOL 5.2a) for pressure fields at 115 Hz,µ = 0.1

With the modern day developments in computational fluid dynamics and computational acoustics, we will be
able to easily predict the noise propagation in any space and also the noise generation patterns from various
types of flow phenomenon, by coupling the acoustic wave equations with the Navier-Stokes equation. With
increasing resources for computation and technology computational acoustics coupled with computational fluid
dynamics is expected to become a great product design and problem solving tool [12].

3 EXPERIMENTAL SETUP AND RESULTS
The experimental setup considered in this paper consists of a rectangular corrugated cardboard box of size
175×65×75 cm, with the two smaller inner walls covered with polystyrene sheets of 100 mm thickness. Two
Presonus Eris E5 studio monitors are then placed at two sides of the larger surface of the box by cutting two
holes of size 32× 15 cm, with the loudspeaker diaphragm facing the inside of the box. The first loudspeaker
acts as the primary noise source and the second loudspeaker is the control loudspeaker. The setup described
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Figure 5. Experimental setup showing the control speaker

above is shown in Figure 5. An attempt has been made to implement feedback ANC in the box, with an er-
ror microphone (Behringer C2 microphone) placed at the geometric centre of the box. A Behringer U-Phoria
UMC404HD audio interface has been used to connect the speakers and the microphone with the adaptive con-
troller, which has been implemented on a Simulink platform in a 64 bit Windows 10 PC, with 2.2 GHz Intel
Core i7 processor with 6 GB RAM.
The first task in a feedback ANC implementation is the estimation of the secondary path transfer function. A
band-limited white noise in the band 10-500 Hz was played through the control speaker and was measured
using the error microphone. These signals were used to estimate the secondary path transfer function and we
have used LMS algorithm for this task. The impulse response of the estimated secondary path is shown in
Figure 6. An FxLMS algorithm was implemented to achieve noise cancellation. We have considered three cases
of single tone noise control, with the primary disturbances of 115 Hz, 150 Hz and 200 Hz. These frequencies
are so chosen so as not to exceed the cut on frequency for the box model. This avoids inclusion of multiple
modes inside the domain [13]. The error signal, measured at the error microphone for the three cases and
the convergence characteristics are shown in Figure 7. A significant noise reduction can be observed from the
convergence characteristics. The reduction is sound level in terms of sound pressure level was also measured
using a sound level meter. The sound levels for the three cases, before and after noise cancellation is shown in
Table 1.

Figure 6. Impulse response of the secondary path in experiment
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a. 115 Hz

b. 150 Hz

c. 200 Hz

Figure 7. Measured Error Mic values from Experiment.

Table 1. Reduction in Sound Pressure level (dB)

Frequency [Hz] Without ANC (dB) With ANC (dB)
115 86.6 71.2
150 83.2 68.6
200 85.4 73.4

The results obtained from the experiment and the simulation does follow the same trend, but the reduction in
sound pressure levels at the measured point is higher in the simulation than in the experimental setup. This may
be accounted to the fact that the default boundary conditions in COMSOL are for ideal cases. By implementing
an impedance boundary condition at domain surface and applying perfectly matching layers (PML) to simulate
infinite boundaries may offer comparable and physically accurate results.

4 CONCLUSION
This paper develops a computational fluid dynamic scheme for analyzing ANC systems. This has been achieved
by considering a stationary air column as the fluid and implementing loudspeakers as surface perturbations
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where pressure values are updated using pressure field functions. In the control speaker, this pressure variation
is governed by a FxLMS algorithm. The proposed approach acts as an effective visualization tool for noise
cancellation within an arbitrary space without the need for a physical implementation. The simulation study
was followed by an experimental study, wherein ANC was implemented in a 3D space of properties similar to
the one used in the simulation.
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Abstract
This paper investigates the best possible performance of noise cancellation over a region of space for a fixed set
of secondary sources within a given acoustic environment. We first formulate the spatial active noise control
(ANC) problem in a 3-D acoustic enclosure (room). Secondly, we derive a wave-domain least square method by
matching the secondary sound field to the primary noise field in wave domain. Thirdly, we propose a subspace
method by matching the secondary field coefficients to the projection of primary noise field in the subspace.
Simulation results compare between the wave-domain least square method and the subspace method, in terms
of energy of the loudspeaker driving signals, noise reduction inside the region, and residual noise field outside
the region. The subspace matching method provides the limits of the ANC system for the given constraints and
the acoustic characteristics of the room.

Keywords: Sound, Insulation, Transmission

1 INTRODUCTION
Spatial Active noise control (ANC) is a challenging problem as the aim is to create a large quiet zone for

multiple listeners in three-dimensional (3-D) space. In spatial ANC applications, such as noise cancellation in

aircraft [1] and automobiles [2, 3, 4, 5], multichannel ANC systems equipped with multiple sensors and mul-

tiple secondary sources are adopted [6]. In literature, both time-domain [7, 8] and frequency-domain [9, 10]

algorithms have been implemented in multichannel ANC systems, which can cancel the noise at error sensor

positions and their close surroundings [10]. Recently, ANC over space has been approached via cylindrical/-

spherical harmonic-based wave-domain algorithms [11, 12, 13, 14, 15, 16], with which the noise over entire

region of interest can be cancelled directly. Here onwards, we use the terminology ‘wave-domain ANC’ to refer

to harmonics-based wave-domain ANC.

2 PROBLEM FORMULATION
Let the desired quiet zone be a spherical region with a radius R1 located inside a room and let there by L
loudspeakers as secondary sources (see Fig. 1). The goal of a spatial noise control system is to cancel the

spatial noise field within the region of interest by a secondary sound field generated by secondary loudspeakers.

Let ν(xxx,k) be the noise field at a point xxx ≡ (r,θ ,φ) with respect to an origin within the desired zone of interest

where k = 2π f/c is the wavenumber, c is the speed of sound and f is the frequency in Hz. Similarly, let s(xxx,k)
be the secondary sound field generated by the loudspeakers and e(xxx,k) be the residual noise field such that

e(xxx,k) = ν(xxx,k)+ s(xxx,k). (1)

The secondary sound field generated by the loudspeaker array can be written as

s(xxx,k) =
L

∑
�=1

dl(k)G�(xxx,k) (2)

where d�(k) is the driving signal of the �th loudspeaker and G�(xxx,k) represents the acoustic transfer function

from the �th loudspeaker to the point xxx which includes room reflections and scattering by other objects in the

room.
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Figure 1. ANC system in a 3-D room.

The noise field at a point xxx can be expressed using modal decomposition [17, 18] as

ν(xxx,k) =
N

∑
n=0

n

∑
m=−n

βnm(k) jn(kr)Ynm(θ ,φ), (3)

where jn(·) is the spherical Bessel function of order n, Yum(·) denotes the spherical harmonics, βnm(k) are the

spherical harmonic coefficients of the sound field and the truncation limit N = �ekR1/2� [19, 20, 21]. Simi-

larly, the secondary sound field s(xxx,k) and the residual sound field e(xxx,k) within the quiet zone can also be

represented by

s(xxx,k) =
∞

∑
n=0

n

∑
m=−n

γnm(k) jn(kr)Ynm(θ ,φ) (4)

e(xxx,k) =
∞

∑
n=0

n

∑
m=−n

αnm(k) jn(kr)Ynm(θ ,φ) (5)

where γnm(k) and αnm(k) are the spherical harmonic coefficients of the secondary and residual fields, respec-

tively. The acoustic transfer function in (2) can also be parameterised in the spherical harmonic domain[22]

as

G(xxx,k) =
N

∑
n=0

n

∑
m=−n

η(�)
nm(k) jn(kr)Ynm(θ ,φ). (6)

where η(�)
nm(k) is the harmonic coefficient of the acoustic transfer function of the �th loudspeaker.

We substitute (4) and (6) into (2) and decompose into spherical harmonic domain to obtain

γnm(k) =
L

∑
�=1

dl(k)η
(�)
nm(k) for n = 0, . . . ,N, m =−n, . . . ,n. (7)

Similarly, by substituting (5), (3) and (5) into (1) and decomposing into spherical harmonic domain, we obtain

αnm(k) = βnm(k)+ γnm(k) (8)

for n = 0, . . . ,N, m =−n, . . . ,n. We combine (7) and (8) to obtain a relationship between modal components of

residual field, noise field and the room modes of the acoustic transfer functions of loudspeakers as

ααα(k) = βββ (k)+HHH(k)ddd(k) (9)
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where ααα(k) = [α00, . . . ,αNN ], βββ (k) = [β00, . . . ,βNN ],

HHH =

⎡
⎢⎢⎢⎢⎣

η(1)
00 (k) η(2)

00 (k) · · · η(L)
00 (k)

η(1)
−11(k) η(2)

−11(k) · · · η(L)
−11(k)

...
...

. . .
...

η(1)
NN(k) η(2)

NN(k) · · · η(L)
NN(k)

⎤
⎥⎥⎥⎥⎦
, (10)

and ddd(k) = [d1(k), . . . ,dL(k)]T .

In a complete spatial ANC system, there are error microphones located within or around [] the desired quite

zone to obtain e(xxx,k) as well as reference microphones to obtain a clean copy of noise signal to be fed into an

adaptive algorithm to drive secondary loudspeaker signals. For the analysis in this paper, we assume that the

error signal e(xxx,k) and hence the mode coefficients matrix ααα(k) can be estimated accurately. The goal of this

paper is to analyse how much of the incident spatial noise field βββ (k) can be cancelled by a given loudspeaker

array geometry within a given acoustic environment (i.e., by a given HHH).

3 WAVE-DOMAIN LEAST SQUARE METHOD
One method for deriving the loudspeaker driving signal ddd(k) is to minimise error coefficients, i.e.,

min
ddd(k)

‖ααα(k)‖2 for each k (11)

where ‖ · ‖2 is 2-norm operator. The above minimisation problem can be written as

min
ddd(k)

‖βββ (k)+HHH(k)ddd(k)‖2 for each k (12)

In practical applications, the number of loudspeakers available are less than the number of active modes of the

desired region of interest. Thus, (12) can be solved by least square method which results in minimum mean

squared errors [23] solution. The optimal solution of this minimization problem can be written as

ddd(k) =−HHH†(k)βββ (k), (13)

where (·)† denotes the pseudoinverse of a matrix. We denote this method as ‘wave-domain least square method’

(WDLS) as the problem is formed in spherical harmonic (wave-domain) and solved using least squares. To this

method to work, one has to obtain the acoustic transfer function coefficients between each loudspeaker and the

region of interest. Also, it is assumed that the these coefficients are fixed and invariant with time.

4 SUBSPACE METHOD
In the second method, we construct the subspace spanned by the transfer function coefficient vectors of the

loudspeaker array. Then, we project the noise field coefficient vector onto the subspace spanned by the loud-

speakers. It can be infer that we can only cancel noise which lie in the loudspeaker subspace but the noise in

the null space of the loudspeakers can not be cancelled and constitute the residual error.

4.1 Principal component analysis of the secondary path
Let ηηη(�)(k) be the wave-domain secondary-path coefficient vector of the �th loudspeaker. The matrix HHH(k)
defined in (10) for the entire loudspeaker array represents the secondary paths, where

HHH(k) = [ηηη(1)(k), . . . ,ηηη(L)(k)]. (14)

In an arbitrary loudspeaker array setup in an acoustic environment, the columns of matrix HHH(k) are not nec-

essarily orthogonal to each other. We use the principal component analysis (PCA) of the correlation matrix of
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HHH to obtain an orthonormal eigen-basis for the space of the secondary path of loudspeakers in the spherical

harmonic (wave) domain. Here onwards, the frequency dependent k is omitted for notational simplicity.

We take the correlation matrix E{HHH∗HHH}, and then decompose this matrix into a set of orthonormal eigenvectors

and their corresponding eigenvalues, as follows:

E{HHH∗HHH}=UUUΛΛΛVVV , (15)

where UUU = [uuu1, . . . ,uuui, . . . ,uuuL] are the eigenvectors of the correlation matrix, VVV = UUUT , the ith column of UUU
corresponds to the eigenvalue λi, and the eigenvalue are in the matrix

ΛΛΛ =

⎡
⎢⎢⎢⎣

λ1 0 · · · 0

0 λ2 · · · 0
...

...
. . .

...

0 0 · · · λL

⎤
⎥⎥⎥⎦ . (16)

Here, the vectors uuui are written in order of descending eigenvalues λi [24]. Depending on the acoustic envi-

ronment and the loudspeaker placement not all eigen values are significant. Let there are Q significant eigen

values, then the corresponding eigenvectors are given by the matrix UUU� = [uuu1, . . . ,uuuQ].

We can now construct a subspace OOO spanned by the loudspeaker secondary-path coefficients HHH defined as

OOO = HHHUUU�, (17)

where the dimension of UUU� is L×Q, and Q ≤ L. By normalizing each column of matrix OOO, the orthonormal

vectors ooo1, . . . ,oooB can be obtained. These vectors generate a subspace, which represents the loudspeaker array

and the acoustic environment. The dimensions of basis OOO are (N +1)2 ×Q.

For the �th loudspeaker, the average acoustic transfer coefficients can be represented in this space as

η̄ηη(�) =
Q

∑
q=1

κ(�)
a oooq, (18)

where κ(�)
q are the projection coefficients. In vector form, (18) can be written by

η̄ηη(�) = OOOκκκ(�), (19)

where κκκ(�) = {κ(�)
1 , . . . ,κ(�)

q , . . . ,κ(�)
B }T and

κ(�)
q = 〈ηηη(�),oooq〉 (20)

where 〈·, ·〉 represents inner product operator between two two vectors, Q×L matrix κκκ(�) is the secondary-path

coefficients of the �th loudspeaker in the subspace OOO.

4.2 Projection from the primary noise field into the subspace
Below we project the wave-domain coefficients of the primary noise field into the subspace OOO. For a primary

noise field represented by vector βββ , by projecting βββ into the subspace OOO, we obtain

ProjOOOβββ =
Q

∑
q=1

〈βββ ,oooq〉oooq (21)

where ProjOOOβββ denotes the projection of vector βββ into subspace OOO. The matrix form of the projection is repre-

sented by

ProjOOOβββ = OOOyyy, (22)
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where yyy = {y1,y2, . . . ,yQ}T are the primary noise field coefficients in the subspace, and yq = 〈βββ ,oooq〉.
Therefore, the primary noise field can be separated into two parts: the projected part and the remaining part,

βββ = ProjOOOβββ +R(βββ ), (23)

where R(βββ ) is the orthogonal complement of the subspace OOO. The projected part indicates the primary noise

field which can be cancelled in this system setup, and the orthogonal complement indicates the primary noise

field which can not be cancelled in this system.

If R(βββ ) = 0, βββ lies in the subspace, then the primary noise field can be completely cancelled by the loudspeaker

array. In more general cases, R(βββ ) �= 0. This indicates the limitation of noise cancellation over the region of

interest, under the particular loudspeaker placement and acoustic environment.

4.3 Noise control in the subspace
In this section, we design the driving signal of loudspeaker d�(k) to cancel the primary noise field projected

into the subspace (ProjOOOβββ ). In the subspace, matching the secondary sound field coefficients to the projected

primary noise field coefficients, the optimal solution of the secondary sound field coefficients can be written by

γγγ =−ProjOOOβββ . (24)

The projection from the primary noise field into the loudspeaker subspace ProjOOOβββ can be calculated by (22).

In a given loudspeaker setup, the representation of secondary sound field coefficients can be rewritten by

γγγ = OOOκκκddd, (25)

where ddd = {d1, . . . ,dL}T , κκκ = {κκκ(1), . . . ,κκκ(L)}.
Substituting (25) and (22) into (24), we can get

OOOκκκddd =−OOOyyy. (26)

Multiplying the left inverse of OOO on both sides, (26) becomes

OOO†OOOκκκddd =−OOO†OOOyyy. (27)

Further simplifying (27), the final equation to design the driving signal can be written as

κκκddd =−yyy. (28)

The loudspeaker driving signals can be calculated by solving the system of linear equations described by (28).

The number of principal components specifies whether the linear system (28) can be solved exactly. For Q < L,

where we use only the largest Q components to generate the subspace, the driving signals ddd can be derived by

ddd =−(κκκ)†yyy, (29)

where (κκκ)† is the pseudoinverse of the secondary-path coefficients in the subspace. Loudspeaker driving signals

ddd are dependent on the secondary-path information in the subspace κκκ and the primary noise field coefficients

in the subspace yyy, as shown in (29).

5 SIMULATION RESULTS
Simulation setup: The reverberant environment is modelled as a cuboid room of 6 m ×6 m ×5 m with wall

reflection coefficients a [0.75,0.8,0.77,0.85,0.1,0.1] and we use the image source method with the image order

of 5. The origin of the room is on the left bottom corner. The region of interest is a sphere with a radius of 0.5

m, and the center of the region is (3, 3, 1.5) with respect to the room origin. In the following investigations, the
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Figure 2. Energy of Case 1 (a) of the primary noise field (pink point is the location of the primary source

projected on to the x-y plane, blue points are the loudspeaker locations projected on the x-y plane, and the

red dashed circle is the boundary of the region of interest, (b) of the residual noise field using WDLS method

and (c) the subspace method. Energy of Case 2 (d) the primary noise field (e) of the residual noise field using

WDLS method and (f) the subspace method.

primary noise field is a single frequency (200 Hz) spherical wave originating from a point source located within

the room, with a constant magnitude of 10. For the the given parameters, we have N = �ekR1/2� = 3 modes.

Thus, at least (N+1)2 = 16 microphones must be placed on the boundary to capture the the residual noise field.

In this simulation, we place 32 microphones on the spherical boundary, following the Gauss-Legendre sampling

method. White Gaussian noise (60 dB SNR1) is added to each microphone recording. To control all modes, 16

loudspeakers are required to be placed outside the control region. To emulate a practical scenario, however, in

this simulation, only 12 loudspeakers are placed outside the region with 8 loudspeakers placed on the x-y plane

with two different geometries. The loudspeaker positions for each case are shown in Table ??.

The noise reduction inside the region of interest over Z points Nin
r can be written by

Nin
r � 10log10

∑z E{|ein_z|2}
∑z E{|ein_z(0)|2} , (30)

where E{|ein_z(0)|2} is the energy of the primary noise field at the zth sample point, and E{|ein_z|2} is the

energy of the residual sound field at the zth sample point. To evaluate the loudspeaker energy consumption,

we compare the total energy of all the loudspeakers Ed . The loudspeaker energy consumption is given by

Ed = dddT ddd.
1Here, the SNR level is with respect to the primary noise field level on virtual microphone in the center of the region.

52



5.1 Noise cancellation comparison
We first compare cancellation performance using the subspace method and the WDLS method in two different

noise source positions: Case 1: (2,315◦,45◦), Case 2: (2,315◦,90◦). The energy of the primary noise field is

shown in Figure 2.

Figure 2 depicts the energy of the residual noise field on the x-y plane. As we expected, since the number

of loudspeakers (12) can-not cover all the modes (16) in the region, in all four figures, the primary noise field

in the region of interest can not be fully cancelled. In case 2, compared with the primary noise field (Figure

2(d)), both the WDLS method and the subspace method can achieve significant noise reduction in the region of

interest, which are dark areas in the middle of Figure 2(c) and Figure 2(f). In case 1, since the noise source is

located in a different hemisphere as the loudspeaker array, compared with Figure 2(a), cancellation performance

inside the region is fairly limited for both WDLS and the subspace method, as shown in Figure 2(b) and Figure

2(e). Compared with Figure 2(b) and Figure 2(c), in Figure 2(e) and Figure 2(f), the subspace method results in

lower energy of the residual noise field outside the region of interest. The WDLS method increases the sound

energy outside the region, especially when the noise reduction level is fairly limited inside the region. Using the

subspace method, we reduce the sound amplification to people sitting outside the control area. A comprehensive

simulation study using the theory developed here is reported in [].

6 CONCLUSIONS
This paper developed a subspace based method to obtain the best possible performance of noise cancellation

over a region of space for a fixed set of secondary sources within a given acoustic environment. The subspace

matching method provides the limits of the ANC system for the given constraints and the acoustic characteristics

of the room.

ACKNOWLEDGEMENTS
This work is supported by Australian Research Council Grant DP180102375.

REFERENCES
[1] S. J. Elliot, P. A. Nelson, I. M. Stothers, and C. C. Boucher, “In-flight experiments on the active control of

propeller-induced cabin noise,” Journal of Sound and Vibration, vol. 140, no. 2, pp. 219 – 238, 1990.

[2] J. Cheer and S. J. Elliott, “The design and performance of feedback controllers for the attenuation of road

noise in vehicles,” International Journal of Acoustics and Vibration, vol. 19, no. 3, pp. 155–164, Jan. 2014.

[3] ——, “Multichannel control systems for the attenuation of interior road noise in vehicles,” Mechanical
Systems and Signal Processing, vol. 60 61, pp. 753 – 769, 2015.

[4] P. N. Samarasinghe, W. Zhang, and T. D. Abhayapala, “Recent advances in active noise control inside

automobile cabins: Toward quieter cars,” IEEE Signal Process. Mag., vol. 33, no. 6, pp. 61–73, Nov. 2016.

[5] J. I. Mohammad, S. J. Elliott, and A. Mackay, “The performance of active control of random noise in cars,”

J. Acoust. Soc. Am., vol. 123, no. 4, pp. 1838–1841, 2008.

[6] Y. Kajikawa, W. S. Gan, and S. M. Kuo, “Recent advances on active noise control: Open issues and

innovative applications,” APSIPA Transactions on Signal and Information Processing, vol. 1, p. 21, Apr. 2012.

[7] A. Barkefors, S. Berthilsson, and M. Sternad, “Extending the area silenced by active noise control using

multiple loudspeakers,” in Proc. IEEE International Conference on Acoustics, Speech, and Signal Processing
2012, Kyoto, Japan, Mar. 2012, pp. 325–328.

[8] M. Bouchard and S. Quednau, “Multichannel recursive-least-square algorithms and fast-transversal-filter al-

gorithms for active noise control and sound reproduction systems,” IEEE Trans. Speech and Audio Process.,
vol. 8, no. 5, pp. 606–618, Sept. 2000.

[9] J. Benesty and D. Morgan, “Frequency-domain adaptive filtering revisited, generalization to the multi-

channel case, and application to acoustic echo cancellation,” in Proc. IEEE International Conference on
Acoustics, Speech, and Signal Processing 2000, vol. 2, Istanbul, Turkey, June 2000, pp. II789–II792.

[10] J. Lorente, M. Ferrer, M. De Diego, and A. González, “GPU implementation of multichannel adaptive al-

53



gorithms for local active noise control,” IEEE/ACM Trans. Audio, Speech, Language Process., vol. 22, no. 11,

pp. 1624–1635, Nov. 2014.

[11] J. Zhang, W. Zhang, and T. D. Abhayapala, “Noise cancellation over spatial regions using adaptive wave

domain processing,” in IEEE Workshop on Applications of Signal Processing to Audio and Acoustics 2015, New

Paltz, NY, USA, Oct. 2015, pp. 1–5.

[12] J. Zhang, T. D. Abhayapala, P. N. Samarasinghe, W. Zhang, and S. Jiang, “Sparse complex FxLMS for

active noise cancellation over spatial regions,” in IEEE International Conference on Acoustics, Speech and
Signal Processing (ICASSP) 2016, Shanghai, China, Mar. 2016, pp. 524–528.

[13] J. Zhang, T. D. Abhayapala, W. Zhang, P. N. Samarasinghe, and S. Jiang, “Active noise control over space:

A wave domain approach,” IEEE/ACM Trans. Audio, Speech, Language Process., vol. 26, no. 4, pp. 774–786,

2018.

[14] W. Zhang, C. Hofmann, M. Buerger, T. D. Abhayapala, and W. Kellermann, “Spatial noise-field control

with online secondary path modeling: A wave-domain approach,” IEEE/ACM Trans. Audio, Speech, Language
Process, vol. 26, no. 12, pp. 2355–2370, Dec 2018.

[15] Y. Maeno, Y. Mitsufuji, and T. D. Abhayapala, “Mode domain spatial active noise control using sparse

signal representation,” in 2018 IEEE International Conference on Acoustics, Speech and Signal Processing
(ICASSP), April 2018, pp. 211–215.

[16] Y. Maeno, Y. Mitsufuji, P. N. Samarasinghe, and T. D. Abhayapala, “Mode-domain spatial active noise

control using multiple circular arrays,” in 2018 16th International Workshop on Acoustic Signal Enhancement
(IWAENC), Sept 2018, pp. 441–445.

[17] D. Ward and T. Abhayapala, “Reproduction of a plane-wave sound field using an array of loudspeakers,”

IEEE Trans. Speech and Audio Process., vol. 9, no. 6, pp. 697–707, Sept. 2001.

[18] T. D. Abhayapala, “Modal analysis and synthesis of broadband nearfield beamforming arrays,” Ph.D. dis-

sertation, The Australian National University, 1999.

[19] R. Kennedy, P. Sadeghi, T. D. Abhayapala, and H. M. Jones, “Intrinsic limits of dimensionality and rich-

ness in random multipath fields,” IEEE Trans. Signal Process., vol. 55, no. 6, pp. 2542–2556, June 2007.

[20] T. D. Abhayapala, T. Pollock, and R. Kennedy, “Characterization of 3D spatial wireless channels,” in

2003 IEEE 58th Vehicular Technology Conference VTC 2003-Fall, vol. 1, Orlando, FL, USA, Oct. 2003, pp.

123–127.

[21] R. A. Kennedy and T. D. Abhayapala, “Spatial concentration of wave-fields : Towards spatial information

content in arbitrary multipath scattering,” in 4th Aust. Commun. Theory Workshop, AusCTW, 2003, pp. 4–5.

[22] T. Betlehem and T. D. Abhayapala, “Theory and design of sound field reproduction in reverberant rooms,”

J. Acoust. Soc. Am., vol. 117, no. 4, pp. 2100–2111, Apr. 2005.

[23] Y. L. Parodi and P. Rubak, “Objective evaluation of the sweet spot size in spatial sound reproduction using

elevated loudspeakers,” J. Acoust. Soc. Am., vol. 128, no. 3, pp. 1045–1055, 2010.

[24] S. Wold, K. Esbensen, and P. Geladi, “Principal component analysis,” Chemometrics and Intelligent Lab-
oratory Systems, vol. 2, no. 1, pp. 37–52, 1987. [Online]. Available: http://www.sciencedirect.com/
science/article/pii/0169743987800849

54



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

 Formation of local quiet zones using the length-limited parametric 
array loudspeaker 

Yue WANG; Ruicong LI; Chuang SHI; Youxin LV 
University of Electronic Science and Technology of China, Chengdu, China 

Corresponding email: shichuang@uestc.edu.cn 

ABSTRACT 
This paper presents a preliminary numerical study on the formation of local quiet zones using the length-
limited parametric array loudspeaker (PAL). The PAL is a directional sound device using the nonlinear 
acoustic effect to generate an audio beam in air. The length-limited PAL aims to control the length of the 
audio beam by using two different ultrasonic carriers. The sound propagation curve and radiation pattern of 
the length-limited PAL are theoretically distinct from those of the conventional loudspeaker. Therefore, the 
local quiet zones formed by the length-limited PAL is of sufficient interest before any practical deployment 
of the length-limited PAL in active noise control (ANC). For comparison, the local quiet zones formed by 
the conventional loudspeaker and the normal PAL are also obtained and examined in the numerical simulation. 
 
Keywords: Numerical simulation, Parametric array loudspeaker, Active noise control 

1. INTRODUCTION 
The PAL is a directional sound source using the nonlinear acoustic effect to generate an audio beam 

in air (1). It is often built up with a driver circuit and an ultrasonic emitter. The driver circuit modulates 
audio input signals on an ultrasonic carrier and amplifies the modulated signal to be transmitted by 
the ultrasonic emitter. The principle of the PAL is provided by the nonlinear acoustic effect: when two 
ultrasonic frequencies are transmitted into a nonlinear medium, the difference frequency is generated 
in a narrow beam, whose pattern is similar to that of an end-fire array (2). Although air is a weak 
nonlinear medium, the nonlinear acoustic effect is still sufficient to be applied in many sound field 
control applications (3). 

The ANC creates a quiet zone by inferring the noise wave with an anti-noise wave (4). In a free 
space, the formation of a local quiet zone leads to the spillover problem, resulting in increased noise 
levels outside the quiet zone. It is believed that using a directional sound source to transmit the anti-
noise wave can solve the spillover problem. 

Brooks, Zander and Hansen investigated the feasibility of using the PAL in ANC in 2005 (5). They 
concluded three practical concerns, which were (i) the PAL had a weak low-frequency response and 
severe harmonic distortion; (ii) the precise control of amplitude and phase required for ANC was 
difficult to achieve; (iii) the ultrasonic exposure of the PAL has yet to be evaluated. However, several 
successful experiments of using PALs in ANC have been reported recently (6, 7). The noise frequency 
typically ranges from 500 Hz to 2.5 kHz. 

The length-limited PAL has been proposed to use two carrier frequencies in order for the length of 
the difference frequency beam to be shortened (8, 9). Dedicated modulation methods are important 
for the difference frequency beam to be confined in the relative near field of the ultrasonic emitter. 
The use of the length-limited PAL in ANC has been experimentally investigated (10). However, the 
local quiet zones formed by the length-limited PAL needs to be examined further. 

2. NUMERICAL CONFIGURATION 
This paper presents a preliminary numerical study of forming local quiet zones using the length -

limited PAL. The numerical simulation is carried out in a 0.4  two dimensional space, 
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which is surrounded by perfect matched layers to remove reverberation. The space is divided into 
488 488 grids. Each side of the grid is 1 mm. The noise frequency is fixed at 1 kHz. The speed of 
sound and the nonlinear coefficient of air are set to 343.13 m/s and 1.2, respectively. The numerical 
simulation code is modified from the k-wave toolbox (11). 

2.1 Primary Noise Sources 
Two different positions of the primary noise source are simulated. The diameter of the primary 

noise source is 2 cm, which is approximately the size of a miniature speaker. Figure 1 shows the sound 
pressure distributions of the primary noise sources. The center of the simulation space is calibrated to 
60 dB. 

 
Figure 1 – Sound pressure distributions of primary noise sources  

2.2 Linear Secondary Sources 
Two types of linear secondary sources are simulated. Both sources are placed on the left with 

diameters of 2cm and 10cm, respectively. Figure 2 shows the sound pressure distributions of the linear 
secondary sources. The initial phase and amplitude are controllable, in order for the noise cancellation 
to be achievable at any particular position. 

 
Figure 2 –Sound pressure distributions of the linear secondary sources 

2.3 Nonlinear Secondary Sources 
Three types of nonlinear secondary sources are simulated. They are the conventional PAL using a 

carrier of 40 kHz, the conventional PAL using a carrier of 90 kHz, and the length-limited PAL. All of 
them adopt the double sideband modulation. 

The conventional PAL using a carrier of 40 kHz transmits a modulated ultrasonic sound, which is 
given by 

, (1) 
where  is the initial pressure;  kHz is the carrier frequency;  is the modulation 
index; and  is the input sine tone at 1 kHz.  

(a) 2 cm loudspeaker (b) 10 cm loudspeaker 

(a) Noise source on the right (b) Noise source on the top 
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The modulated signal of the conventional PAL using a carrier of 90 kHz is written as 
 (2) 

where  is the initial pressure;  kHz is the carrier frequency. Note that the sign in front of 
the modulation index has been changed. 

In order for the difference frequency beams resultant from different carrier frequencies can cancel 
each other in the far field, their initial pressure levels have to obey with  the following relation: 

, (3) 
where  and  are the absorption coefficients (12). Figure 3 shows the sound pressure distributions 
of the nonlinear secondary sources. 

 

 
Figure 3 – Sound pressure distributions of the nonlinear secondary sources 

2.4 Active Noise Control 
Practical implementations of ANC may involve a complicated procedure of adaptive filtering and 

modeling. However, in the numerical simulation, ANC is carried out by adjusting the initial phase and 
amplitude of the input sine tone such that at a given control point, the primary and secondary waves  
can cancel each other completely. 

Five control points illustrated in Figure 4(f) are simulated separately. Given the condition that the 
control point is at the center and the primary noise source is placed on the right, the noise reduction 
distributions of different secondary sources are shown in Figures 4(a)-(e). When linear secondary 
sources are used, the quiet zone is a straight line, of which the width is proportional to the wavelength. 
The quiet zone is curved and has a shorter length due to the PALs narrow directivities . However, when 
the length-limited PAL is adopted, the quiet zone becomes longer, which implies that the beamwidth 
of the length-limited PAL is broader than the conventional PALs at the distance of the control point. 
This can easily be validated in Figure 3(c).

(c) Length-limited PAL 

(a) PAL using a 40 kHz carrier (b) PAL using a 90 kHz carrier 
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Figure 4 – Noise reduction distributions when the control point is set at the center and the primary 

noise source is placed on the right 

3. ANALYSIS OF RESULTS 
To summarize the results, two measures are considered. Firstly, the grids with noise reductions 

above 3dB, 10 dB, and 20 dB are counted as percentages of the total number of grids. This measure 
indicates clearly the size of the quiet zone. Secondly, the averaged sound pressure level of the primary 
noise in the whole simulation space is calculated. The change in the averaged sound pressure level 
after the introduction of the secondary source is recorded. This measure explains whether the average 
noise level has been increased noticeably as a result of the spillover problem.  

Figures 5 and 6 present the simulation results when the primary noise source is placed on the right 
and on the top, respectively. In Figures 5(a) and 6(a), the number of grids where the noise reduction 
is above 10 dB is likely to be independent from the secondary sources. For noise reduction above 20 
dB, using the linear secondary sources is more advantageous than using the nonlinear secondary 

(a) 2 cm loudspeaker (b) 10 cm loudspeaker 

(c) PAL using a 40 kHz carrier (d) PAL using a 90 kHz carrier 

(e) Length-limited PAL (f) Overall layout of control points 
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sources. However, using the conventional PALs result in more grids with noise reduction above 3 dB. 
This probably explains the previously reported observation that the quiet zone created by the  PAL is 
perceived to be broader. 

 
 

Figure 5 – Simulation results when the primary noise source is placed on the right 

 
Figure 6 – Simulation results when the primary noise source is placed on the top 

Moreover, the simulation space is relatively small as compared to practical situations. Using any 
type of secondary source increases the averaged sound pressure level, but most of the increments are 
less than 3 dB. Figures 5(b) and 6(b) shows that the nonlinear secondary sources demonstrate the 
merit of less increments as compared to the linear secondary sources. When the control point is set on 

Center Top Bottom Left Right

(a) Grids with reduced noise levels

3 dB

10 dB

20 dB

(b) Changes of the averaged sound pressure levels

Length-limited PAL
PAL using a 90 kHz carrier
 PAL using a 40 kHz carrier

10 cm loudspeaker
2 cm loudspeaker

Center Top Bottom Left Right

8

6

4

2

0

Le
ve

l C
ha

ng
e 

(d
B)

30

25

20

15

10

5

0

Pe
rc

en
ta

ge
 (%

)

Center Top Bottom Left Right

(a) Grids with reduced noise levels

3 dB

10 dB

20 dB

(b) Changes of the averaged sound pressure levels

Length-limited PAL
PAL using a 90 kHz carrier
 PAL using a 40 kHz carrier

10 cm loudspeaker
2 cm loudspeaker

Center Top Bottom Left Right

8

6

4

2

0

Le
ve

l C
ha

ng
e 

(d
B)

30

25

20

15

10

5

0

Pe
rc

en
ta

ge
 (%

)

59



 

 

the right half plane, using the length-limited PAL is an exception. It results in a significant increment 
in the averaged sound pressure level after noise cancellation. This is because the shortened length of 
the difference frequency beam cannot reach the control point as shown in Figure 3(c).  On the other 
hand, when the control point is on the left within the beam of the length-limited PAL, it achieves the 
smallest spillover. 

4. CONCLUSIONS 
A preliminary numerical study of local ANC has been conducted with different types of secondary 

sources, including conventional loudspeakers, PALs and the length-limited PAL. Using the PALs can 
result in less spillover as compared to the linear loudspeakers.  It has been proved that when the control 
point is within the beam of the length-limited PAL, the spillover problem can be further resolved. 
However, there has been no observation that clearly supports the enlargement of the quiet zone by 
using PALs in ANC. 
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ABSTRACT
Local active noise control systems often use virtual sensing techniques; to estimate the pressure to be con-
trolled at the listener’s ears from an array of remote monitoring microphones for example. The virtual sensing
process inevitably makes assumptions about the acoustic environment, although the environment is generally
subject to uncertainties under different operating conditions. This paper considers the performance and stabil-
ity of the remote microphone technique, as an example of a virtual sensing method, in a vehicle when subject
to uncertainties due to changes in the internal acoustics and road conditions. It is shown, using data from
experiments in a vehicle, that both the robust stability and the robust performance are improved by using
regularisation in the design of the filter used to estimate the pressure at the listener’s ears from the outputs of
the array of monitoring microphones.

Keywords: active control, local sound control, virtual sensing

1 INTRODUCTION
Although local systems for the active attenuation of sound at the listener’s ear date back to the 1950s

(1), they have recently attracted renewed interests due to the possibility of using head tracking methods
and virtual sensing to extend their frequency range (2, 3, 4). When applied to local active sound control,
the virtual sensing problem involves estimating the sound pressure at the listener’s ear using the signals
from an array of static monitoring microphones, via an “observation” filter, as shown in Figure 1. For
applications such as the control of road noise in vehicles, the signals are random and spectral density
methods can be used to predict the active control performance (5), particularly if the control system is
designed to minimise the delayed error, so that some of the causality problems can be avoided (6, 7).
The adaptive feedforward control algorithm typically used in these applications, as shown in Figure 2
(6, 8), not only uses an internal model of the responses from the secondary loudspeakers to the micro-
phones, but also makes assumptions about the primary sound field under control in the design of the
observation filters (9). As the upper frequency of control is extended using head tracking, the uncertain-
ties associated with these responses tends to increase, threatening the stability and performance of the
control system. In this paper, the responses measured in a car under different environmental conditions
are used to investigate how the stability and performance can be made robust to such uncertainties, in
particular using regularisation in the design of the observation filter.

2 ADAPTIVE FEEDFORWARD CONTROL USING VIRTUAL SENSING
In this paper it is assumed that the remote microphone technique is used for virtual sensing, together

with an adaptive feedforward control system, to give the block diagram shown in Figure 2. The ob-
servation filter, O, is assumed to be designed in the frequency domain to minimise the expected mean

square difference between the estimated disturbance signal at the virtual microphone, d̂e, and the true

Figure 1 – The primary disturbance signal, de, at a virtual

microphone, which is due to an array of primary sources,

v ,is estimated using the signals from an array of moni-

toring microphones, dm, via an observation filter, O, to

give the estimate d̂e.

*sje@isvr.soton.ac.uk
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disturbance signal, de, so that the optimum matrix of filters is given by (5, 9)

Oopt = Sdmde(Sdmdm + βI)−1 (1)

where Sdmde and Sdmdm are spectral density matrices defined as Sdmde = E[ded
H
m] and Sdmdm =

E[dmdH
m], E[ ] is the expectation operator and β is a regularisation parameter. The adaptive feedfor-

ward control system shown in Figure 2 can be shown to be stable, for slow adaptation, if the following
condition is satisfied (4),

Re
(
eig

[
Ĝ

H

e Ĝe + Ĝ
H

e Ôopt

(
Gm − Ĝm

)])
> 0 (2)

when Ge and Ĝe are the true and estimated values of the responses between the secondary sources

and the error microphones, Gm and Ĝm are the true and estimated values of the responses between the
secondary sources and the monitoring microphones and Oopt is given by Eq.(1). If the adaptive controller
is sable, and converges to minimise the expectation of the mean square value of the estimated error,

E[êH ê], it can be shown that the spectral density matrix of the true error at the virtual microphones,

E[eHe], is given by

See =Sdede −Ge(G
HG)−1GHÔoptS

H
dmde

− SdmdeÔ
H

optG(GHG)−1GH
e

+Ge(G
HG)−1GHÔoptSdmdmÔ

H

optG(GHG)−1GH
e . (3)

where G = Ĝe + Ôopt(Gm − Ĝm) and so the optimal attenuation at all the virtual error senses is given
by

Le = −10 log10

∣∣∣∣ trace {See}
trace {Sdede}

∣∣∣∣ . (4)

The choice of the regularisation parameter in Eq.(1) is thus a trade-off between good performance,
i.e. a low value of Le, and robust stability, i.e. ensuring that the norm of Oopt is not so large that small

values of (Gm − Ĝm) cause the real parts of any of the eigenvalues in Eq.(2) to become negative.

Figure 2 – Block diagram of an adaptive feedforward control system using the remote microphone method with a

modelling delay, in yellow, as a virtual sensing method to estimate the error signal at the virtual microphones, e,
from the signals at the monitoring microphones,m.

3 PREDICTING ROBUST STABILITY AND PERFORMANCE FROM MEASURE-
MENTS IN A VEHICLE

A series of measurements was taken in a medium-sized car (Hyundai i40) with two secondary loud-
speakers attached to the headrest on the left-hand front seat, as shown in Figure 3a, and five loudspeakers
at different positions on the floor, which were assumed to act as primary sources when each was driven
with uncorrelated white noise. Four microphones on the headrest were used as the monitoring sensors
and two microphones in the ears of a Neumann KU100 dummy head, positioned close to the headrest,
were used as the true error signals, as shown in Figure 3b. The frequency responses from all of the loud-
speakers to all of the microphones were measured under a number of different conditions in the vehicle,
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in particular when the left-hand front seat, seat 1, was in its mid position (Nominal) and when moved
as far as possible from the steering wheel (Perturbed). In order to more clearly see the effect of such a
perturbation on the stability and performance, the changes in the responses due to the seat movements
were enhanced by multiplying the differences between the two measured responses by a factor of two.
Figure 4 shows the frequency responses from one of the secondary sources to one of the monitoring
microphones under these two conditions. It can be seen that this perturbation changes both the magni-
tude and the phase of the frequency response, particularly at high frequencies. If the observation filter is
designed for the nominal condition, with the regularisation factor of β, but is then used in the perturbed
vehicle condition, both the performance and stability of the control system will be affected to different
extents, depending on the value of β.

(a) (b)

Figure 3 – The arrangement of loudspeakers used as secondary sources andmonitoring microphones on the headrest

of the front left seat of the test vehicle (a) and the position of the dummy head in which the virtual error microphones

were mounted (b).
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Figure 4 – Magnitude and phase in degrees of the frequency response from one of the secondary sources to one

of the monitoring microphones when seat 1 was in its mid position, Nominal, and when in an altered position,

Perturbed.

Figure 5 shows the real parts of the two eigenvalues of Eq.(2) as a function of frequency, calculated
using the nominal and perturbed frequency responses measured in the vehicle and when the observation
filter in Eq.(1) is calculated from the nominal frequency responses, but with two values of the regulari-
sation parameter, β. It can be seen that if β is very small, 10−5, as in Figure 5a, one of the eigenvalues
becomes negative at a number of frequencies, including 960 Hz, indicating that the adaptive control sys-
tem would be unstable. When the regularisation factor is increased to 10−3, as in Figure 5b, however,
both eigenvalues are positive at all frequencies, and so that the system would then be stable.

63



0 100 200 300 400 500 600 700 800 900 1,000

0

10

20

30

Frequency (Hz)

R
e(
ei
g
en
v
al
u
e)

Re(eigenvalue1)

Re(eigenvalue2)

(a)

0 100 200 300 400 500 600 700 800 900 1,000

0

10

20

30

Frequency (Hz)

R
e(
ei
g
en
v
al
u
e)

Re(eigenvalue1)

Re(eigenvalue2)

(b)

Figure 5 – The real parts of the two eigenvalues of Eq.(2) evaluated from the measurements made in the vehicle

under nominal and perturbed conditions, when the observation filter was designed with two values of the regulari-

sation parameter, β.

Figure 6a shows the variation of the real parts of the two eigenvalues with the observation filter
regularisation parameter β, at the single frequency of 960 Hz. It can be seen that both eigenvalues
are positive for values of β greater than about 3× 10−4. Figure 6b shows the variation with beta of the
predicted attenuation performance at the two error microphones, in Eq.(4). This graph is not really useful
for values of β below 3×10−4, since the system is then unstable and a frequency domain calculation of
the error is not valid, but above this value, when the system is stable, the attenuation is about 4 dB for
values of β of about 10−3 and then falls off at higher values. It is clear that not only can the control
system be made more robustly stable if the observation filter is designed with an appropriate value of
the regularisation parameter, but this can also ensure robust performance.
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Figure 6 – The variation of the real parts of the two eigenvalues in Eq.(2), evaluated at a frequency of 960 Hz,

(a) and the attenuation in the sum of squared error signals at this frequency (b), as a function of the regularisation

parameter, β.
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4 CALCULATION OF THE EFFECT OF MULTIPLE SIMULTANEOUS UNCER-
TAINTIES FROM MEASUREMENTS OF INDIVIDUAL UNCERTAINTIES

The practical design of a control system using virtual sensing should involve testing its robust stability
and performance under all the perturbed conditions, which give rise to uncertainties in the responses, that
are likely to be encountered in practice. If, for example, there are 10 potential sources of uncertainty then
the number of potential conditions under which the response needs to be measured will be the nominal
one, 10 conditions in which only one uncertainty is acting alone, 45 conditions in which there are two
different combinations of uncertainties, and so on. The total number of conditions for different numbers
of the 10 sources uncertainty acting together is thus about 1,000. The number of potential measurements
that need to be made could thus become very large and it is of interest to examine whether the effects
of some of these simultaneous perturbations, due to multiple sources of uncertainty, could be estimated
from the individual uncertainties, measured on their own.

Figure 7 shows the measured frequency response from a secondary source to a monitoring microphone
under four different conditions: nominal, with the response perturbed by lowering seat 2, the front-right
seat, only, with the response perturbed by lowering seat 3, the rear-left seat, only, and with the results
perturbed by lowering both seats 2 and 3.
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Figure 7 – Responses measured from a secondary loudspeaker to a monitoring microphone under nominal condi-

tions, Reference, when seat 2 only is lowered, when seat 3 only is lowered and when both seats 2 and 3 are both

lowered.

The question is whether the effect of both perturbations acting together can be predicted from the two
perturbations acting alone. Let G0 be the response under nominal conditions and write the responses with
the effects of the first and second perturbations acting individually as

G1 = G0 +∆G1 , G2 = G0 +∆G2 (5)

where ∆G1 and ∆G2 are the additive uncertainties. Also write the response when these two perturbations
act together as

G1,2 = G0 +∆G1,2. (6)

The question is whether ∆G1,2 can be estimated from ∆G1 and ∆G2, and hence whether G1,2 can be
estimated from G0, G1 and G2. One way of estimating G1,2 would be just to use the superposition of
∆G1 and ∆G2, so that

∆̂G1,2 = ∆G1 +∆G2. (7)

Figure 8 shows a comparison of ∆G1,2 and ∆̂G1,2 calculated from the measured data in Figure 7. It
can be seen that a reasonably good approximation to the effect of the two perturbations acting together
can be obtained from the superposition of the individual perturbations. Although, from a frequency do-
main perspective, there does not appear to be any obvious reason for the superposition of the individual
uncertainties, there does seem to be some justification in the time domain, in terms of the individual
impulse responses. Consider the case in which the uncertainties are generated by two reflecting objects.
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In the time domain ∆G1 and ∆G2 correspond to the additional reflections measured at the microphone,
generated by reflections from the source due to either object 1 or object 2 individually. If both objects
are present, the impulse response will contain additional reflections due to object 1 and additional reflec-
tions due to object 2, and so superposition of the uncertainties would hold except for the later reflections
of both object 1 and object 2, which will generally be small compared to the earlier reflections.
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Figure 8 – The additive uncertainty calculated from themeasured responses from a secondary source to amonitoring

microphone when seats 2 and 3 are both lowered, ∆G1,2, and the estimate of this uncertainty, ∆̂G1,2, calculated

from the superposition of the uncertainties due to lowering seat 2 and lowering seat 3 individually.

Superposition of uncertainties is also demonstrated in Figures 9 and 10 for the case of a loudspeaker
on the floor of the car, used to represent a primary source, and a monitoring microphone. The results
are again encouraging, except at the frequencies at which there are dips in the frequency responses in
Figure 9, where the uncertainties are less likely to be important. It should be noted that the uncertainties
associated with some perturbations do not appear to superpose as accurately as these results suggest,
for example when the seat 1 is moved, to which the microphones and secondary sources are attached.
However, this superposition technique could still significantly cut down on the number of conditions that
need to be measured in practice to evaluate robust stability and performance.
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Figure 9 – Responses measured from a primary loudspeaker to a monitoring microphone under nominal conditions,

Reference, when seat 2 only is lowered, when seat 3 only is lowered and when seats 2 and 3 are both lowered.
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Figure 10 – The additive uncertainty measured for the response from a primary source to a monitoring microphone

when seats 2 and 3 are both lowered, ∆P1,2, and the estimate of this uncertainty, ∆P1,2, calculated from the

superposition of the uncertainties due to lowering seat 2 and lowering seat 3 individually.

Figure 11 shows the predicted attenuation at the error sensors, at one particular frequency, as a func-
tion of the regularisation factor, when the observation filter is calculated from the responses under nom-
inal conditions and the performance is calculated using either the actual responses measured when both
seat 2 and seat 3 were lowered, or when this is predicted using the estimated response calculated by
superposition of the uncertainties due to lowering seat 2 and seat 3 individually. It can be seen that the
predicted responses gives a reasonable estimate of the actual performance under these conditions, predict-
ing that the maximum attenuation will be achieved for a regularisation parameter equal to about 10−2. In
this case the stability of the system is not threatened by these uncertainties but the superposition method
still gives a good estimate of the two eigenvalues in Eq.(1). The variation of the attenuation with β
changes from one frequency to another for the perturbed responses, but typically has its peak at a simi-
lar value of β to that seen in Figure 11 at most frequencies, indicating that robust performance, as well
as robust stability, can be achieved across the frequency range with a suitable value of the regularisation
parameter.
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Figure 11 – The variation of the predicted attenuation at the error microphones, at a frequency of 665 Hz, with the

regularisation parameter, β, used in the observation filter, designed using the responses measured under nominal

conditions, but with the error calculated when both seats 2 and 3 are lowered, Actual, and evaluated when the

responses with both seats lowered was calculated by superposition of the uncertainties measured when seat 2 and

seat 3 were lowered individually.

5 CONCLUSIONS
A virtual sensing arrangement can be incorporated into an adaptive feedforward control system, to

provide active control of the sound at a listener’s ears, but without them having to wear microphones.
Such an arrangement is more effective at higher frequencies than conventional local control systems, but
its stability and performance then becomes more sensitive to small variations in the acoustic environment.
It has been shown that for a given perturbation in the responses of the system under control, appropriate
regularisation of the observation filter, used to estimate the disturbances at the error microphones from
those at the monitoring microphones, can ensure both robust stability and robust performance.

The robust design process thus requires an estimate of all of the perturbed plant responses that are
likely to be encountered in practice. If there are multiple sources of uncertainty, measurements of plant
uncertainty under all possible combinations of conditions could be time-consuming to acquire. Another
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possibility is only to measure the uncertainties due to some of the individual sources of perturbation, and
then to combine these individual uncertainties to estimate the uncertainty due to different combinations
of perturbation. It has been shown that under some circumstances this can be achieved by superposition
of the uncertainties.
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Tonal active control of the power scattered by locally-reacting 
spheres using a small number of radiators near the surface 
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ABSTRACT 
A theoretical investigation is performed where spherical harmonic series expansions are used to describe the 
primary and secondary pressure fields in the problem of actively controlling sound scattering around spheres. 
The study focuses on the scenario of point-monopoles radiators in the vicinity of a sphere with a uniform, 
locally-reacting and real-valued surface impedance. A control method based on minimizing the contributions 
of the spherical harmonic components to the scattered sound power is proposed. Under the established 
circumstances, any radiated sound power is found to be dominated by a few spherical harmonic terms of low 
degree in the region of large relative wavelength. As this wavelength decreases, numerous terms of higher 
degree become significant, thus increasingly more sources are required to achieve any suppression. A study 
case is performed where one point-monopole is placed at infinite distance to form an incident plane-wave. 
The scattering due to this is controlled with up to four point-monopoles on or near the surface of the sphere. 
Progressively better attenuation is achieved at large relative wavelength when increasing the number of 
control sources and the behaviour can be described using asymptotes of the spherical harmonic coefficients. 
 
Keywords: Active Control, Sound Scattering, Spherical Harmonics 

1. INTRODUCTION 
Scattering represents the behaviour generated in the medium surrounding an obstacle when the 

combination of travelling waves forming a disturbance impinges on it. This behaviour is the total 
result of reflection, absorption and diffraction. In the case of acoustic waves, the understanding and 
control of scattering is important for a number of applications. One such example is binaural sound 
reproduction where the physical presence of the head plays a major role on the perceived sound [1]. 
Another example is acoustic cloaking, which has its purpose in situations where it is complicated to 
achieve desirable sound properties of certain elements. Structural components such as walls, columns, 
rafters and balconies have an impact on the soundscape within a building [2]. The ability to 
acoustically hide these once constructed could potentially simplify some of the challenges in 
designing spaces within concert halls, schools and hospitals that require specific acoustic properties.  

In general, traditional passive absorption has drawbacks when it comes to performance and covered 
frequency range, which has sparked research interest into alternatives such as active control [3, 4]. 
When it comes to actively controlling sound scattering, there are currently two fundamental strategies. 
The first is a theoretical approach based on surrounding the obstacle with continuous layers of sensors 
and actuators in order to achieve perfect cancellation [5, 6]. The second method is rooted in practical 
realization and relies on supressing the scattered field, for a given frequency, by minimizing its 
radiated power at a finite number of error sensor positions with a finite number of control actuators 
[7-9]. In some of these works, the sound fields are modelled as series of orthogonal basis functions, i.e. 
expansions into uncoupled components that can be individually studied and manipulated. However, 
this quality can be further exploited when deriving the optimal strengths of the control sources.  

The current paper proposes and theoretically investigates an alternative to the second fundamental 
strategy described above. This is done in the rudimentary case of an absorptive model for a spherical 
scatterer, surrounded by point-monopole sources, and consists of minimizing the contributions to the 
scattered sound power of the spherical harmonic components rather than the pressure at error points.  
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2. THEORETICAL BACKGROUND 

2.1 Spherical Harmonic Representations for Sound Scattering from Spheres 
Let there be a fluid that is stationary, isentropic, inviscid and a perfect gas. The motion of acoustic 

waves propagating through this medium is governed by the linearized wave equation in the time 
domain. Given a system of spherical polar coordinates, as defined in [10], the equation can be solved 
to yield the general solution for the complex-valued acoustic pressure at location  [10, 11]  

 (1) 

at a single angular frequency .  represents the wavenumber associated with . A factor of  is 
omitted in (1) for convenience of notation, and it represents the chosen time-frequency convention.  

Expression (1) is composed of an interior solution, the first double summation, and an exterior one, 
the second double summation, which are distinct through their different regions of validity  [10]. 

 and  are the spherical Bessel function of the first kind and, respectively, the spherical 
Hankel function of the second kind, as detailed in [10]. They describe the variation of the acoustic field 
with radial distance. The basis functions  are the real-valued spherical harmonics [11] 

 (2) 
where  for  and , while  and .  are the 
associated Legendre functions; however, they are defined as in [10], rather than in [11], to include the 

 factor corresponding to the Condon-Shortley phase.  can be interpreted as 3D 
patterns of angular variation around a given coordinate system and they can be visualized in [12].  
and  are complex-valued coefficients which uniquely define a particular sound field and are 
derived based on the circumstances of the given problem (e.g. boundary conditions on obstacles). 

When it comes to the exterior solution in particular, the acoustic power it radiates is [10, 11] 

 (3) 

Each spherical harmonic component  contributes independently to the overall radiation and, 
thus, they are uncoupled from each other. This is a direct result of the basis functions being orthogonal 
and leads to theoretical and practical benefits, as will become apparent later in the study. 

The acoustic scattering from a uniform, locally-reacting impedance sphere can be described in 
terms spherical harmonic components by applying the boundary condition  

 (4) 
to the general solution in (1).  is the surface impedance of the sphere normalised by the 
characteristic acoustic impedance of the medium exterior to it. This model represents an impedance 
that is manifested at each point of the boundary in the outgoing normal direction, independent of its 
value at all other points. Furthermore, it is considered that . A negative real part translates into 
the sphere creating additional energy, which is not generally encountered in the natural world. 

In the case of a monochromatic point-monopole, when placed in free-field at  while 
having a volumetric strength , it generates a sound pressure that is expanded as [10, 11]  

 (5) 

where  is equal to  and  is equal to . Due to linearity, the total pressure field 
 resulting from the interaction between the point-monopole and a spherical obstacle of radius , 

centred at the origin, is the superposition between the incident field (5) and a scattered field  taking 
the form of the exterior solution from (1). At , applying (4) to the total field leads to  

 (6) 

and, by extension, to the scattered field 
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 (7) 

where .  and  are the first 
derivatives in respect to the dimensionless quantity , which describes the wavelength of sound 
relative to the size of the scatterer as an alternative to frequency. The scattered field (7) is present in 
both radial regions of (6) and is an exterior solution. The acoustic field generated directly by the 
point-monopole is converging towards the origin between  and , where it has the form of an 
interior solution, while diverging away from the origin after , where it is an exterior solution.  

Allowing  in (6) imposes the first branch and results in the scattering of a plane-wave of 
magnitude  arriving from angles , where the total and scattered pressure fields are [10, 11] 

 (8) 

 (9) 

Furthermore, allowing  in (6) also imposes the first branch and yields the radiated pressure 
of a point-monopole with source strength , situated on a spherical baffle at location  [10, 11] 

 (10) 

2.2 Tonal Active Control of Scattering Based on Spherical Harmonic Coefficients 
When it comes to the problem of actively supressing the scattering around the sphere of radius , 

let the primary field be the superposition of scattered fields due to  incident point-monopole 
disturbances, situated external to the obstacle. Each of these fields can take any of the forms expressed 
in (7), (9) or (10). In the same region of space, let there also be a secondary field composed of  
point-monopole control sources, distinct from the previous set.  Each of these fields can take the forms 
expressed in (6) or (10). It is chosen that the control system attenuates the radiated sound power of the 
primary, a measure that is invariant with space outside of the obstacle. When determining the sound 
power before and after control on a virtual sphere that encloses the  sources, all possible forms of 
acoustic field in the control problem are purely radiations, i.e. behave as exterior solutions.  

The above tactic leads to the considered primary and secondary fields being 

 (11) 

 (12) 

where the double summations are denoted in a compact way. The possible forms taken by  and 
 are shown in Table 1 for different regimes of , where  

and . The field after control is  

 (13) 

and, from (3), radiates a sound power of  

 (14) 

 is a -dimensional, continuous, quadratic function with the source strengths  as variables. 
Active control is meant to find the set of  for which this function admits a minimum, if any. In 
practice, manipulating (13) and (14) requires the truncation of the infinite summation over , turning 
them into numerical results. Let  be the truncation and let the spherical harmonic terms   
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Table 1 – Possible forms of spherical harmonic coefficients in primary and secondary 

   

   

   

  -- 
 
be arranged in the order: , , ,  …  … … . This leads to a 
total of  components present in the series, of which  are of the same degree .  

The version of (13) truncated to  can be arranged into the matrix equation  
 (15) 

The  column vector  contains the components of the primary and is expressed as  

 (16) 

In the  matrix , the -th column contains the corresponding components in the secondary for 
the -th control source and is given by 

 (17) 

The  column vector  is governed by the constraint of the control problem and is equal to  
 (18) 

The  column vector  contains the components after control is applied and is written as 
 (19) 

Relation (15) forms a linear system of equations that is an established topic in the area of active 
control [3, 4]. The system emerges when using the traditional strategy of minimizing the means square 
pressures or particle velocities at a finite set of sensor positions, given a finite set of secondary sources. 
If (15) is overdetermined, i.e. , and  is positive-definite, then source strengths given by  

 (20) 
form the unique, optimal set that produces a minimum, if it exists, in the cost function  

 (21) 

at a single value of . (21) is the truncated version of (14) without the factor of . This 
factor is a constant relative to  and does not affect the derivation of  from (20); however, it 
does scale the minimum achievable value of . It can be concluded that minimizing either the mean 
squared pressures at sensing locations or the mean squared spherical harmonic coefficients of the 
pressure leads to the same analytical result for the scattered power after control. The two methods 
differ when it comes to inner and cross coupling of primary and secondary. For a grid of pressure 
sensors, the elements in  and, respectively, in each column of B are inherently interconnected, thus 
limiting the optimization. Spherical harmonic coefficients are uncoupled and do not exhibit this.  

The amount of attenuation achievable after the optimization depends on which elements of  are 
dominant and on how well the corresponding elements of each row in  can couple into them. The act 
of altering or completely cancelling a specific spherical harmonic component in (15) establishes one 
constraint on the set of source strengths, thus creating residuals in the other non-zero components. The 
effect is referred to as spill-over [3, 4] and is unavoidable in the current model. This is because all 
forms of the primary and secondary described in Table 1 have at least a countably infinite set of 
non-zero spherical harmonic components, regardless of point-monopole location in the region . 
Imposing specific behaviours on  distinct components requires at least  distinct sources.  

While the problem is not ill-conditioned, the optimization balances between manipulating specific 
components and generating residuals, such that the passive situation is not made worse after control.  
However, (20) is a numerical result and cannot directly describe how each optimal variable is chosen.  
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Table 2 – Asymptotic behavior relative to  of  factors in spherical harmonic coefficients 

     

    

    

    

 

2.3 Method for Assessing the Performance of Active Control  
To interpret the outcome of (20), the spherical harmonic coefficients after control are compared to 

analytical predictions. These require studying the behaviour of the coefficients in the primary and 
secondary. The forms of  and  from Table 1 share a general structure of three factors  

 (22) 
Relative to ,  is either a real or purely imaginary constant that gives the units of .  
is a dimensionless, complex-valued quantity. It solely governs the variation with  of  and, 
hence, that of the contribution to the radiated sound power, before and after control, from the spherical 
harmonic terms of degree .  is a real-valued, dimensionless constant relative to . 
When using the general form (22) into (3), the spherical harmonics closure relation reduces (3) to  

 (23) 

where  is the combined contribution to the radiated power of components with degree . 
In (23),  does not depend on , given the results from Table 1. The asymptotic behaviour of 

the  factors when  becomes very small or very large can be established, as seen in [13, 14]. 
Choosing the appropriate expansion for the spherical Bessel and Hankel functions that compose 

 and then considering the leading order term, yields the results from Table 2, where 
. Computing these results for different values of  and using 

them to analyse  reveals that, in the region of , the contribution of a lower  component 
is larger than that of a higher  one while, generally, also varying as a lower power of . This leads 
to the radiated power being dominated by the first few spherical harmonic components. Furthermore, 
at large ,  is dominated by a number of spherical harmonic components of high .  

As  increases, achieving considerable suppression of the scattered power implies more control 
sources, such that each component that becomes significant can be addressed. Thus, when using a 
small number of sources, the predicting the asymptotes when  is of interest in the analysis. 

3. STUDY CASE: ACTIVE CONTROL OF SINGLE PLANE-WAVE SCATTERING 

3.1 Defining the Active Control Problem 
The specific example presented in this paper consists of controlling the scattering of a single 

monochromatic plane-wave as it insonifies the impedance sphere. The plane-wave has a magnitude 
 and arrives from the incidence angles . The generated scattered field represents the 

primary and is expressed as (9), with coefficients given by . The 
plane-wave is chosen to propagate parallel to the yz-plane, in the direction of the z-axis from  to 

. This corresponds to  and, from (2), results in only the components of order 
 being activated in the primary. Furthermore, three spheres of surface impedances  , 

 and  are exemplified. The first and the last cases approximate a soft sphere of  
and, respectively, a hard sphere of . This was done to maintain consistency, as a secondary 
source on the surface of a soft obstacle cannot radiate. The case of  represents the impedance of 
the sphere matched to that of the surrounding medium. Air at normal atmospheric conditions is used in 
all results. 
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The scattered power due to the plane-wave, , is expressed using the coefficients  in (3). 

This is normalized by the power associated with the plane-wave, , then plotted as 
 versus  for the three cases of impedance in the graphs of Figure 1. A truncation 

degree of  was used alongside a range of  logarithmically-spaced points between 
 and . Simulations have shown that, at a given large value of , the number of 

spherical harmonic degrees  that contribute significantly to this scattered power is equal to . 
The asymptotic behaviour of  when  is dictated by the most dominant spherical 

harmonic terms in that region, which can be established from Table 2. The  and  
spheres are both dominated by the  term, which leads to their normalized powers 
having asymptotes of  and, respectively, . The  sphere is dominated by both 

 and  terms, which contribute to the scattered power as  and, 
respectively, . This leads to an asymptote of  equal to , as described in [15].  

In the following paragraphs, results of active control are shown for the four different arrangements 
of point-monopole sources depicted in the diagram of Figure 1. To have corresponding spherical 
harmonic components activated in both primary and secondary, the sources are placed on the z-axis. 

3.2 Control Results when Using a Small Number of Surface Radiators 
A secondary field composed of point-monopoles on the scattering surface has the coefficients 

. Simulations show that the power radiated by such a field follows the 
same truncation rule as the primary, where  terms are required at a given large value of . 

Choosing the same truncation degree, , for both primary and secondary, the minimization 
(20) was computed over the  contributing spherical harmonic components of , at each 

 logarithmically-spaced points between  and . For a single control source 
placed at , it is assumed that the minimization attempts to perfectly cancel the 

 term, which is the largest for all three cases of . Then, the optimal source strength is   
 (24) 

and, after control, the  term is  
 (25) 

The formulas from Table 2 are used in (24) and (25) to calculate the asymptotic behaviour after control 
when . The hierarchy between contributions to the power is maintained, ignoring the cancelled 
component. The  term varies as the lowest power of  and, thus, is the new dominant 
component. This translates into the normalized scattered power after control, , having 
asymptotes of ,  and  for ,  and, respectively, .  

    

    
  Figure 1 – Normalized scattered power due to plane-wave before and after control, as a function of  

74



 

 

A second point-monopole is now placed on the surface of the sphere at  and all 
the computational circumstances are maintained. It is assumed the minimization attempts to perfectly  
supress both the  and  terms, which are the largest two for all three cases 
of . Due to the parity of the spherical harmonic functions, the linear combinations  

 (26) 

(27) 
of the two optimal source strengths govern (15). After control, the  term is expressed as 

 (28) 
and is now the dominant component in the  region, yielding asymptotes of  equal to 

,  and  for ,  and, respectively, . 
For both control arrangements, the predicted asymptotes, seen as dashed lines in Figure 1, are good 

representations of the computed outcomes of (20), seen as solid coloured lines in Figure 1. Overall, the 
reduction of  has improved when going from one to two sources. For , considerably better 
attenuation is achieved with two sources as both significant terms in the primary are addressed. 

3.3 Control Results when Using a Small Number of Surface and Near-Surface Radiators 
To control more than the first two spherical harmonic components, extra variables need to be 

introduced in (15). However, new sources have to be placed such that their coefficients  are 
considerably different from  and  used previously. Otherwise, the control generates as much 
attenuation of the power as for the previous two sources and manifests ill -conditioning when inverting 

. Therefore, extra point-monopoles are placed away from the surface of the scatterer at a distance 
of . In this way, the secondary has  coefficients that can have either of the two forms from 
Table 1. Simulations show that the power radiated by such a secondary requires a truncation degree of 

, at a given large value of , where  corresponds to the source furthest away. 
In the previous arrangement of two control sources, a third point-monopole is now added at 

. (20) is computed under the same circumstances, but the higher truncation 
degree corresponding to the secondary, , is chosen rather than that of the primary to avoid 
aliasing. This mismatch introduces terms of high degree  that are zero in the primary but non-zero in 
the secondary. Attenuation is achieved only in the  region, which is dominated by terms of low 
degree  and, hence, is minimally affected by the mismatch. Assuming that the spherical harmonic 
components of the first three degrees  are perfectly cancelled leads to the optimal source strengths 

 (29) 

(30) 

(31) 

that govern the individual equations of (15). After control, the  term is expressed as 

 (32) 

and now dominates in the  region, yielding asymptotes of  equal to , 
 and  for ,  and, respectively, . 

Lastly, a fourth source is now placed at . The previous computational context 
is maintained. Assuming that the components of first four degrees  are perfectly cancelled yields 

 (33) 

(34) 

 (35) 

(36) 

which govern the individual equations in (15). After control, the  term becomes 
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 (37) 

and now dominates in the  region, yielding asymptotes of  equal to , 
 and  for ,  and, respectively, .  

For the current two control arrangements, the predicted asymptotes, seen as dashed lines in Figure 
1, are also good representations of the computed outcomes of (20), seen as solid coloured lines in 
Figure 1. Going from two to three to four sources progressively improves the obtained suppression at 
low . The amount is different between cases of , as their corresponding asymptotes are dissimilar. 

4. CONCLUSIONS 
A theoretical investigation has been realized where spherical harmonic expansions were used to 

describe the primary and secondary fields, as well as the minimization method, in the problem of 
actively controlling the sound scattering from a sphere. Simulations were performed for truncated 
versions of these expansions, in the case of a single plane-wave arriving onto a uniform, 
locally-reacting sphere. A small number of point-monopoles on and near the surface of the obstacle 
were ideally placed relative to the known incidence. In the Rayleigh region, the spherical harmonic 
coefficients in both primary and secondary form a hierarchy of ascending powers of  with 
increasing . Thus, progressively better attenuation of the scattered power was achieved when adding 
a few more sources, as more of the first dominant components in the hierarchy can be controlled. This 
behavior was analytically predicted using the asymptotes of the spherical harmonic coefficients.  

In terms of future work, the presented modelling and control strategies can be extended to scenarios 
beyond that of a single plane-wave. Also, characterizing the effects on control performance of using a 
large number of sources and of solely moving the sources away from the obstacle can be further 
explored. In terms of experimental validation, a necessary first step is to devise a practical active 
control system that can sense and manipulate a 3D sound field as spherical harmonic components. 
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Synthesis of the inerter by direct acceleration feedback 
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ABSTRACT 
Physical realisations of the inerter are often such that they must be either large scale, i.e. rack and pinion 
inerters, or they inherently include additional elements in parallel or in series with the inerter, i.e. shunted 
electromechanical transducers or active force feedback inerter realisations, or alternatively they bring along 
a large parasitic damping, i.e. fluid-based inerters. In this study inerter is realised by feeding back the 
subtracted outputs of two accelerometers attached to a reactive force actuator terminals. Although in theory 
such feedback loop is unconditionally stable due to the collocated sensor-actuator arrangement, in practice it 
may not exhibit good stability properties due to the lack of duality between the sensors and the actuator in 
conjunction with the internal dynamics of the transducers. Therefore in this paper dynamics of seismic 
accelerometer sensors and an electrodynamic actuator are fully incorporated into a theoretical model of such 
an inerter. The inerter model is coupled to a two degree of freedom mechanical system in order to study the 
stability of the feedback loop and the maximum possible synthesisable inertance. The results indicate that it 
is crucial to have a highly damped accelerometer resonance in order to achieve good stability and large 
synthesised inertance.  
 
Keywords: Interter, Active vibration control, Vibration isolation 

1. INTRODUCTION 
Inerter is a one-port, two-terminal element in mechanical networks which resists relative 

acceleration across its two terminals. The coefficient of resistance, the inertance, is measured in 
kilograms. The inerter fills an empty niche enabling a complete analogy between mechanical and 
electrical networks, the electrical analogue of the inerter being the capacitor (1,2). In the framework 
of mechanical network analysis, it is typically assumed that the inerter behaves in an idealised way, 
i.e. that it can be represented through its inertance only. Such idealisations are ordinarily assumed for 
elements like springs, dampers, inductances or resistors in lumped parameter mechanical or electrical 
networks. However, a realistic element, for example a helical spring, can itself exhibit a rich dynamic 
behaviour (3). This is equally true for other elements of lumped parameter mechanical systems. 
Fidelity of single-parameter representations of physical mechanical network elements depends on how 
the element is designed in practice.  

Mechanical inerter designs include rack and pinion inerters (4), ball-screw inerters (5), and helical 
fluid channel inerters (6). One of the most important characteristics of any physical realisation of the 
inerter is the ratio of its inertance to its mass. This ratio is normally required to be large so as to 
enhance inertia effects of lightweight structures without significantly increasing their mass. In 
mechanical inerter designs the inertance can be several hundred times larger than the mass of the 
inerter itself (4). However, such inerters are typically mid to large scale and are not suitable for 
vibration control purposes in small scale applications due to their large dimensions and large stroke. 
Furthermore, effects such as friction, stick-slip of the gear pairs, or the elasticity of the gears and 
connecting rods are inevitably present in gear-train inerter constructions. On the other hand, a 
relatively large parasitic non-linear damping characterises the fluid-based inerters (6).  

Another class of inerter realisations are the electromechanical inerters. In these systems 
electomechanical transducers are shunted with appropriate electrical impedances at their electrical 
ports in order to generate inertance-like effects at their mechanical ports. Small scale 
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electromechanical transducers are characterised by a relatively low energy conversion efficiency (7), 
so it is necessary to use non-Foster shunt circuits in order to compensate for losses in the transducers 
(8). This makes the approach active, which on one hand requires energy and on the other a careful 
regard of the stability and robustness of the system. Nevertheless, it is possible to synthesise an ideal 
inerter element connected to additional elements that occur as a side-effect of using a particular 
shunting technique. For example, by shunting a voice coil transducer with a certain negative 
impedance electrical circuit, an inerter connected in series with a parallel spring damper-pair can be 
synthesised (8). The additional lumped parameter elements in the equivalent mechanical network may 
or may not be desirable.  

Further active approaches to realise the inerter include the force feedback approach (9,10). Here a 
pair of collocated reactive actuators and a force sensor are used so as to feed back the output of the 
force sensor through both single and double integrators to drive the actuator. In such a way the inerter 
can be synthetized which is connected in series with a damper (10). 

In this paper, an attempt is made to synthesise the inerter by direct acceleration feedback control 
system. Outputs of two accelerometers mounted at the two terminals of a force actuator are subtracted 
to form a relative acceleration error signal which is amplified through an adjustable gain and fed to 
the actuator. In this way it may be possible to realise a small-scale inerter with an actively tuneable 
inertance without additional elements in parallel or in series to the inerter. Classical inertial 
accelerometers and a small scale voice-coil actuator are assumed. Although the control approach is 
physically well-founded, its application is not straightforward. For example, the relative acceleration 
sensor is collocated to the reactive force actuator, but the two transducers are not dual (11,12), i.e. 
they are not complementary in terms of mechanical power. As a result, the inherent frequency response 
of the sensor-actuator transducers can inhibit the stability of the feedback loop, as discussed in 
reference (13), for example.  

A fully coupled electromechanical model of a two degree of freedom mechanical system equipped 
with the described active control loop is formulated in this paper. The dynamics of the inertial 
accelerometers and the electrodynamic actuator are modelled in detail. The coupled model is used to 
study the stability of the feedback loop and to assess the range of synthesizable inertances that could 
be used to isolate simple harmonic discrete vibrations coming from a flexible base to sensitive 
equipment mounted on it. In the second section of the paper the model problem is described and the 
mathematical model is formulated. In the third section the stability and the response of the active 
system are discussed, which is followed by the conclusions section.     

2. MODEL PROBLEM 
The mechanical system considered is a lumped parameter two degree of freedom (DOF) system 

shown in Figure 1. This system is a representation of the vibration isolation problem in which the 
sensitive equipment, m2, is suspended with a spring k2 and a damper c2 onto a flexible base 
characterized by the mas m1, stiffness k1 and a damper c1. Dynamic excitation is applied to the base 
mass through the simple harmonic primary force fp. The formulation presented in this paper considers 

time-harmonic functions, which are defined in complex form i tRef t f e  , where f  is the 

complex amplitude of the function  is the circular frequency and i 1  . As normally done in 
vibration studies, the formulation that follows thus refers to the complex amplitudes f  of the 
time-harmonic functions f t  and, for brevity, the frequency dependence is omitted. 

 As discussed in, for example, (14), with the inclusion of the inerter of inertance b2 into the 
suspension, Figure 1 (b), a zero can be assigned to the transfer admittance between the primary force, 
fp , and the displacement of the sensitive equipment, m2, at the frequency 2 2a k b . If the damping 
coefficient c2 is made low, this effectively creates an anti-resonance condition in the transfer 
admittance, so that the mass m2 becomes unresponsive to simple harmonic forcing at a . 
Therefore a vibration isolation effect can be achieved provided that the inertance  b2 can be tuned so 
as to match the antiresonance frequency to the excitation frequency. If a small scale mechanical system 
is considered, then existing inerter designs probably cannot accomplish the task for reasons discussed 
in Introduction. Therefore it is reasonable to attempt to synthesise the inerter effects by using the 
feedback control loop shown schematically in Figure 1 (a). The purpose of the feedback loop is to 
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generate a control force proportional to the relative acceleration between the equipment and the base, 
that is, to emulate effects of the inerter, b2, mounted in parallel to the suspension spring and damper, 
shown in Figure 1 (b). 

 
a)          b) 

                 
Figure 1: The 2 DOF mechanical system equipped with a direct acceleration feedback loop, plot (a), with 

the purpose of synthesizing the inerter, plot (b) 
 
The control force, cf , is applied by an electrodynamic actuator that reacts between the two masses . 

The actuator is characterized by a transducer coefficient T, which is often referred to as voice coil 
constant, inductance L, and the resistance R. The force generated by the actuator is proportional to the 
electrical current flowing through the transducer coil through the transducer coefficient T: 

 cf Ti   (1) 

The current i, however, depends both on the voltage applied at the transducer electrical terminals, e, and on 
the relative velocity, 2 1s x x , between its mechanical terminals, according to the following expression: 

 2 1e Ri sLi sT x x   (2) 

where is .   
In the present controller scheme the voltage, e, is made proportional to subtracted outputs of the 

two accelerometer sensors through a voltage amplifier gain, g, Figure 1 (a). The error signals are 
provided by two equal inertial accelerometers characterised by the transfer function Hs. This is the 
frequency response function (FRF) between the accelerometer output and the true acceleration of a 
structure onto which the accelerometer is attached. The two accelerometers are assumed to be much 
lighter than the sensitive equipment or the flexible base, so that their mechanical impedance can be 
entirely neglected. Therefore the voltage at the actuator electrical terminals is given by the control 
law: 

 2
2 1se gH s x x   (3) 

The dynamics of the mechanical parts of the system, i.e. the system without the control loop 
elements encircled by the red dashed line in Figure 1, can be represented by four mobility functions 

,i jY . They are the FRFs between the velocity of the mass i due to a force acting at the mass j. If i=j 
the corresponding mobility is referred to as driving point mobility, otherwise it is referred to as a 
transfer mobility. By considering contributions of the primary and the control forces one can write: 

 1 1,1 1,1 21,p c csx Y f Y f Y f   (4) 
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 2 ,1 2,12 ,2 2p c csx Y f Y f Y f   (5) 
By taking into account Eqs. (1-5) and the reciprocity principle that imposes 2 2,1 1,Y Y , the fully 

coupled closed loop response of the system can be calculated in terms of five FRFs: 
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where 2
1 1,2 1,1 2,2 1,1 1,2 2,22 2sD Y Y Y T gH Y Y Y sT R Ls , , pe fH is the FRF between the actuator 

voltage and the primary excitation force, , pi fH  is the FRF between the actuator current and the 
primary excitation force, ,c pf fH  is the FRF between the control force and the primary excitation force, 

1 , px fH is the closed loop driving point receptance, and 
2 , px fH is the closed loop transfer receptance. 

The sensor-actuator open loop frequency response function can be obtained by calculating the FRF 
between the subtracted accelerometer outputs and the voltage fed to the actuator in absence of the 
primary excitation: 

 2
, 2 1 0pfs saH s H x x   (11) 

This can be done by substituting 0pf  into Eqs. (4,5) and taking into account also Eqs. (1-3): 
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The transfer function Hs characterising the two accelerometer sensors can be written as (15): 
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  (13) 

where A  is the mounted natural frequency of the accelerometer, and A  is the accelerometer damping 

ratio. For simplicity, it is assumed that the accelerometer sensitivity is absorbed in the feedback gain g. In 

other words, the accelerometer transfer function has been normalised so as to have a unit sensitivity for static 

accelerations. 
The four mechanical mobility functions ,i jY  are, (14): 
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where 4 3 2
2 1 2 1 2 2 1 2 1 2 2 1 2 1 2 1 2 1 2 1 2D s m m c c m m c s k k m m k c c s k c c k s k k . 
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3. DISCUSSION 
In order to assess the stability of the feedback loop, Nyquist criterion is used. The sensor-actuator 

open-loop FRF, Eq. (12), is plotted using Bode and Nyquist diagrams for an example small scale 
vibration isolation model problem. The properties of the system are given in Table 1.  

 
Table 1 – Properties of the example system 

Parameter Value 

1m  (kg) 0.1 

2m  (kg) 0.05 

1k  (N/m) 1000 

2k  (N/m) 500 

1c  (Ns/m) 1 

2c  (Ns/m) 1 

T  (N/A,Vs/m) 0.45 

L  ( 610 H) 63 

R ( )  1.5 
 
The properties of the actuator correspond to an off-the-shelf miniature moving coil linear motor 

(16). The properties of the two accelerometers are varied in order to illustrate their influence on the 
stability of the control loop. A situation if first considered assuming a standard, general purpose 
piezoelectric accelerometer whose natural frequency and damping ratio have been identified by 
matching the sensitivity function, Hs, Eq. (13), with that from its datasheet (17). The match can be 
seen in Figure 2, and the identified values of the mounted natural frequency and the damping ratio 
are: 2 42 kHzA Af  and 0.0158A . The agreement between the model results and the measured 
data is very good so the simple accelerometer model given by Eq. (13) is valid. 

 
(a)        (b)        

  
Figure 2: The transfer function, Hs, of the two accelerometer sensors, plot (a): model, plot (b): measured 

 
However, the stability analysis indicates that such an accelerometer is not appropriate for the task 

considered in this study. As shown by Bode plot of the open loop sensor-actuator FRF in Figure 3 (a), 
the combination of the gradual phase lag of 45 degrees due to the inductance of the actuator coil and 
the abrupt 180 degree phase lag due to the second order accelerometer dynamics , causes the locus of 
the FRF to cross the negative real axis in the Nyquist plot, shown in Figure 3 (b). Furthermore, the 
amplitude at the crossover frequency of 42 kHz (the accelerometer mounted resonance frequency) is 
very large due to the low accelerometer damping A . The amplitudes of the sensor-actuator open-
loop FRF at the two resonances due to the mechanical system response are in fact significantly lower 
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that that due to the accelerometer resonance. As a result, no significant gain can be implemented 
assuming standard gain margins and no significant inertance can be synthesised.  

 
(a)         (b)        

 

Figure 3: (a) Bode and (b) Nyquist plots of the open loop sensor-actuator FRF, ,s aH , with 42 kHzAf and 

0.0158A . 
 
A situation in which the accelerometer damping ratio is increased to its critical value 1A  with 

unchanged mounted resonance frequency is considered next. In this case the feedback gain can be set 
to g= 0.43 V/V with a gain margin of 6 dB, as can be seen in the zoomed area of plot (b) of Figure 4, 
since the locus crosses the negative real axis with the amplitude of 0.5. (The open loop sensor –
actuator FRF has been multiplied by the feedback gain). 

  
(a)         (b)        

 

Figure 4: (a) Bode and (b) Nyquist plots of the open loop sensor-actuator FRF, ,s aH , with 42 kHzAf and 

1A , assuming the feedback gain of g= 0.43 V/V  
 
This control loop synthesises the desired inertance, which can be seen in Figure 5, red solid line. 

In fact, the figure shows the amplitude of the transfer receptance 
2 , px fH  for four cases. The first case 

is with the open loop system. In this case there can be seen two resonances due to the mechanical 
degrees of freedom and no antiresonances, as one might expect for transfer admittances in a 2 DOF 
mechanical systems. However, if the feedback loop is closed with g= 0.43 V/V, ensuring a gain margin 
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of 6 dB, then an antiresonance appears at the frequency of approximately 100 Hz. This corresponds 
to a synthetized inertance of 2 2

2 2 / 500 / (2 100)  kg 0.0012 kgAb k . Therefore, at the frequency 
of 100 Hz the mass m2 becomes rather unresponsive to the primary force fp exciting the mass m1 so 
that the desired isolation effect is achieved.        

 
Figure 5: The closed loop transfer receptance,

2 , px fH , with no control (black faint line), and with control 

using the feedback gains of 0.43 (red solid line), 0.45 (blue dashed line), and 1.24 (green dash-dotted line), 

that all ensure 6 dB gain margins, assuming the use of critically damped accelerometers having their 

mounted natural frequencies of 42 kHz, 28 kHz, and 4.2 kHz, respectively, synthetizing the inertances of 

approximately 0.001 kg, 0.0035 kg, and 0.031 kg, respectively. 

 
However, achieving the critical damping ratio in a miniature accelerometer system with a natural 

frequency of 42 kHz is not trivial. This is because the accelerometer critical damping coefficient, 
increases with its natural frequency, , 2A crit A Ac m . As an illustration, if the accelerometer inertial 
mass equals to 0.001 kgAm , then the required critical damping coefficient calculates to about 528 
Ns/m. It is thus reasonable to consider an accelerometer with a lower natural frequency. Figure 5 
shows that by reducing the natural frequency of the error accelerometers, it is possible to use higher 
feedback gains and to synthetize larger inertances. The critically damped accelerometer in fact 
behaves like a mechanical low-pass filter with a roll-off rate of 40 dB per decade above its natural 
frequency, Figure 4 (a), green dashed line. This is beneficial in terms of the feedback loop stability 
and the maximum admissible feedback gain, and thus, the maximum synthesizable inertance. However, 
the phase of the transfer function, Hs, is also altered by the filtering, and it lags by 90 degrees at the 
accelerometer resonance frequency. As a result, the Nyquist locus rotates clockwise in the real -
imaginary plane indicating that the feedback loop produces a combination of relative acceleration and 
relative velocity feedback, Figure 4 (b). Therefore, by decreasing the natural frequency of the 
critically damped accelerometers, the antiresonances due to the synthetized inertances become 
characterised by increasing active damping effects and the vibration isolation objective may not be 
fully achieved.          

4. CONCLUSIONS 
An active control system emulating the effects of inerter element for vibration isolation is 

considered. It is in principle possible to apply direct relative acceleration feedback using inertial 
accelerometers and electrodynamic reactive actuators. For stability reasons it is necessary to use 
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highly damped accelerometers that effectively filter out the error signal above their natural frequency. 
In particular, by using critically damped accelerometers with a high natural frequency the desired 
inertance can be emulated by the control system. However, achieving large damping ratios in small-
scale accelerometers with a high natural frequency is problematic. In accelerometers with a low 
natural frequency achieving high damping ratios is technically less challenging, but in such a case the 
natural frequency must not be too low in order to avoid the feedback loop delivering a combination 
of active inertia and active damping which compromises the vibration isolation effect.  
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Abstract.  

Two previous studies [David et al., 2017, Hear. Res. 344, 235-243; David et al., 2017, J. Acoust. Soc. 

Am. 142(3), 1674-1685] have investigated the segregation of speech syllables made of a fricative 

consonant and a vowel, referred to as CV tokens. The first study explored the segregation of such 

syllables based on fundamental frequency differences. The second study explored the segregation of 

the CV tokens based on localization cues, especially the spectral cues in the median plane. Both 

studies found that segregation can be observed based on F0 and on spectral cues. Interestingly, it was 

found that the whole CV token remains grouped even when segregation occurs based on cues that 

affect only one part of the CV: F0 differences affect mostly the vowel part, whereas coloration in the 

median plane is effective mostly at high frequencies, selectively affecting the consonant part. The 

mechanisms that allow the CV to remain grouped under such circumstances remain unclear. The 

present manuscript reviews the results of these two studies and provides some suggestions as to how 

such binding might occur. 

 

1. Introduction 

In order to understand a target voice amid a background noise (e.g., in a cocktail party; Cherry, 1953), 

the target must be grouped into one single auditory stream and segregated from the other sound 

sources. Such auditory object formation relies on our ability to organize competing sound sources into 

coherent streams (Bregman, 1990). 

Auditory stream segregation and integration have been studied using both speech and non-speech 

sounds (for reviews, see Moore and Gockel, 2002; 2012). It has been shown that differences in 

fundamental frequency (F0) provide important segregation cues for pure and complex tones (Miller, 

1957; van Noorden, 1975; Vliegen and Oxenham, 1999). In addition, sound localization cues, 

including interaural time and level differences (ITDs and ILDs, respectively) and monaural spectral 
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(or coloration) differences (Blauert, 1997; Wightman and Kistler, 1992), can induce stream 

segregation of pure and complex tones (Gockel et al., 1999; Sach and Bailey, 2004; Stainsby et al., 

2011), as well as frozen speech-shaped noises. With some exceptions (Gaudrain and Grimault, 2008; 

Gaudrain et al., 2007; Hartmann and Johnson, 1991), studies of auditory streaming have tended to use 

sequences of single repeated sounds, making it difficult to generalize the results to real-world 

situations, where sounds are complex, constantly changing, and not fully predictable. The aim of the 

studies reviewed in this manuscript (David et al., 2017a, b) was to apply a streaming paradigm to 

stimuli that are closer to real-world speech, by using random sequences of consonant-vowel (CV) 

syllables with natural spectro-temporal variability. Such stimuli could be segregated based on 

differences in either F0 or simulated spatial position, despite variations along other spectro-temporal 

dimensions.  

2. Rationale 

Two sequences of sounds can be perceived as integrated – if the perceptual acoustical difference 

between the sequences is small enough – or as segregated – if the perceptual difference between the 

sequences is large enough. Auditory scene analysis is governed by both voluntary and obligatory 

mechanisms, depending on the task the listeners have to complete. Voluntary streaming corresponds to 

tasks where the listeners try to hear out a target sound from a mixture. Conversely, obligatory 

streaming corresponds to situations where the listeners attempt to bind the sounds into a single stream 

but fail to do so (Bregman, 1990). 

Two interleaved sequences, A and B, were presented to the listener (cf. Fig. 1). The difference 

between the sequences was based either on fundamental frequency or on simulated spatial position in 

the horizontal or median plane. Here we discuss only the results in the median plane, as these are the 

ones where the spectral cues are superimposed on the inherent spectro-temporal variability of the 

speech tokens. 

In both studies, one of the tasks consisted of attending to the whole interleaved sequence (i.e., 

grouping the two sequences together) regardless of the difference in F0 or in simulated positions 

between tokens, and indicating whether or not a repeated token was introduced. For good performance 

in this task, listeners should perceptually integrate the A and B sequences into a single stream, so that 

a repetition is heard within this stream, making it a measure of obligatory stream segregation (Micheyl 

and Oxenham, 2010). Since a difference in F0 would only influence the segregation of vowels, and 

since a spectral difference induced by a difference in elevation would only influence the segregation of 

the consonants, the analysis of the results focused on assessing whether consonants were separately 

grouped from vowels or whether they nevertheless remained grouped due to their occurrence in one 

syllable. 
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3. Stimuli and procedure  

David et al. (2017a, b) used differences in spatial cues and F0, respectively, to study streaming of 

speech sounds. The stimuli used in both studies were naturally uttered pairs of voiceless fricative 

consonants and voiced vowels. They were recorded by a male native speaker of American English as a 

whole, so that they included a fricative part (the consonant), a formant transition part (the vocalic part 

still containing some consonant information) and a voiced part (the vowel). In the first study (David et 

al., 2017a), a set of 45 stimuli were recorded (five voiceless fricative consonants – [f], [s], [Ɵ], [ʃ] and 

[h] – combined with nine vowels – [æ], [e], [iː], [I], [Ə], [Ɛ], [Ʌ], [ɑ] and [uː]). In the second study 

(David et al., 2017b), 36 stimuli were recorded (four consonants – [f], [s], [Ɵ] and [ʃ] – combined with 

the same nine vowels). Each single recorded stimulus will be referred to as speech token in the rest of 

the manuscript.  

The stimuli had to be short enough to potentially produce obligatory stream segregation (van Noorden, 

1975), but long enough to contain the information from both the consonant and the vowel. The 

duration of each speech token was therefore limited to 160 ms with 40-ms inter-token intervals, 

leading to an onset-to-onset time of 200 ms, which is close to the upper limit for observing obligatory 

stream segregation. The consonant and the vowel parts had approximatively the same length. The 

pitch contour of the tokens were flattened (110 Hz, unless specified otherwise) using Praat Software 

(Boersma and Weenink, 2017), where the stimuli were resynthesized using a pitch synchronous 

overlap-add technique (PSOLA). 

In the first study, the ΔF0s tested were 0 semitones (F0A = 110 Hz, F0B = 110 Hz), 3 semitones (104 

and 123 Hz), 5 semitones (98 and 131 Hz), 7 semitones (92 and 139 Hz), 9 semitones (87 and 147 

Hz), and 13 semitones (78 and 165 Hz). In the second study, the differences in elevation angle 

separating the sequences were 0º, 10º, 50º and 70º.  

In 50% of the trials, a repetition of a full token (consonant and vowel, “full repeat”) was presented. In 

25% of the trials, a repetition of only the consonant was presented and in the last 25%, a repetition of 

only the vowel was presented. According to this paradigm, the Hits (Hs) correspond to the proportion 

of full repeats that were correctly reported and the False Alarms (FAs) correspond to the proportion of 

trial in which a repetition was reported when only a half-repeat was presented. Hence, it was possible 

to calculate separately the FAs for the consonant-only and the vowel-only repeats. The repeat, if 

present, occurred always at the penultimate position and the length of the sequence varied between 8 

and 14 pairs of tokens. Figure 1 represent the tokens in the across-sequence task in the three 

conditions. 

87



 

Fig.1: Schematic diagram of the tokens in the across-sequence task. From left to right the diagrams 

represent the full repeat, the consonant-repeat and the vowel-repeat. 

 

 

4. Separate contributions of vowels and consonants to repetition detection  

It was found that obligatory stream segregation could be observed based on a F0 difference (David et 

al., 2017b) and coloration differences in the median plane (David et al., 2017a). Fig. 2 represents the 

results of the first and second studies in terms of mean rates for the Hits and False Alarms.  

In both cases, the Hit rate decreased, and thus segregation increased as the difference between the two 

sequences increased (a ΔF0 or a difference in spectral coloration in the median plane). There was no 

significant difference between the FAs due to a repeat of the consonant only or of the vowel only. 

Therefore, the authors then concluded that the listeners based their judgments on the whole CV token. 

This result is striking because the CV token seems to remain grouped, even when segregation occurs 

based on cues that affect only one part of the CV: F0 differences affect mostly the vowel (voiced) part, 

whereas coloration in the median plane, effective mainly at high frequencies, affects mostly the 

consonant part. 

 

Fig. 2: Mean FA and Hit rates for the across-sequence task for the first study (left panel) and for the 

second study (right panel). 

 

5. Discussion 
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The findings of the above studies suggest that in real life, when two sequences of sounds are 

perceptually segregated, all the syllables from one sequence are grouped together and segregated from 

the second sequence. From the studies discussed, it seems that the consonants and the vowels 

belonging to one sequence are never streamed apart. One possible interpretation of this result might be 

a top-down process. When learning a language, we acquire knowledge of what syllables and words 

exist. In the present studies, the CV tokens were common syllables used in the American English 

language and uttered by a human native speaker of American English. The listeners were also native 

speakers of American English. The knowledge of the language might have helped the listeners to 

group the tokens even when segregation occurred. To support this hypothesis, Jusczyket al. (1994) 

showed that infants learn the “rules” governing permissible sequences of phonemes in a given 

language allowing to compose words. Each language permits different sequences, for instance the 

syllable / zb / is not found in English but is common in Polish. Infants are able to use the transitions 

probabilities between adjacent tokens to detect words. They learn by being exposed to the right 

lexicon inherent to their native language (for a review, see Kuhl, 2004). 

Another possible explanation might come from the formant transition. For example, Whalen (1991) 

showed that a whole fricative noise and the formant transition are needed for the listener to identify the 

fricative. Another example, taken from David et al. (2017b), showed that the voiced portion of a CV 

token does not carry enough information about the consonant to enable an accurate identification 

required in a streaming task (see experiment 3). It has also been shown that the recognition of 

monosyllabic speech sounds requires the adjacent formant transition (Lindblom and Studdert‐

Kennedy, 1967). Stachurski et al. (2015) investigated the importance of formant transition and 

continuity in F0 contours on the binding of speech sounds. They found that both cues help to keep the 

perceptual coherence of speech sounds. In addition, Cole and Scott (1973), in a task where listeners 

had to repeat the order of a sequence of speech sounds, found that vowel transitions help to preserve 

the temporal order of the sequences, so to preserve the coherence of natural speech. These findings 

concern mostly speech understanding. However, we can assume that stream segregation requires 

speech identification, and thus these results can be extended to streaming. 

The two explanations, top-down process and formant transitions, are not exclusive. Indeed, Wagner et 

al. (2006) investigated the use of formant transition as a function of the spectral content of the 

fricatives present in the native language of the listeners. They tested five different languages: Dutch, 

English, German, Polish and Spanish. The participants had to recognize a fricative target in pseudo-

words, the fricatives being preceded and followed by the vowels / a i u /. The results showed that 

depending on the native language, the listeners paid or did not pay attention to the formant transitions. 

Indeed, for the languages where there are no spectral similarities in the fricatives (e.g., Dutch and 

German), the listeners were not affected by a misleading formant transition. However, for the 

languages presenting spectral similarities in some fricatives (e.g., / f / and / th / in English and 

Spanish), the listeners appeared to pay attention to formant transitions. Further investigation would be 
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required to understand the binding of speech in languages where listeners do not pay attention to the 

formant transitions (e.g., Dutch or German). 

When using synthesized vowels, Gaudrain and Grimault (2008) observed that different formants of the 

same vowel were segregated to form separated auditory streams. This outcome might be explained by 

the micro-modulations of frequency and amplitude present in the natural utterance, which is missing in 

the synthesized vowels. Besides, for naturally uttered sequences of vowels, where the spectral cues 

varied across time, it was found that segregation was not based on the spectral formant cues (see 

Gaudrain and Grimault, 2008; Gaudrain et al., 2007). Indeed, if segregation was based on vowels’ 

spectral similarities, it would lead to a grouping unfavourable for a coherent speech perception (one 

stream of /a /, another stream of / i / etc… instead of different streams of meaningful syllables). The 

same is true for the organization of speech syllables like the CV tokens tested in the previously 

detailed studies. In this situation, the auditory system seems to be able to ignore the spectral variations 

inherent to speech, and thus grouping in speech may have rely on top-down information. 
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ABSTRACT 

It is well known that scene analysis is at the core of hearing-impaired (HI) listeners’ difficulties of 

understanding speech in noise. Surprisingly little is known about scene analysis of HI listeners in musical 

contexts. Here we tested 24 moderately HI listeners and 28 normal-hearing (NH) listeners in their ability to 

identify instruments and melodies in the presence of a musical accompaniment that acts as a masker 

(cello/piano dyads or spectrally matched noise). Target signals consisted of four-note melodies. In each trial, 

a signal-masker mixture was presented followed by two different versions of the signal without masker. 

Listeners judged which signal version was part of the mixture. Signal versions either differed in terms of 

timbre (flute vs. trumpet) or in terms of melody. Signal-to-masker thresholds (71% correct response rate) 

were measured by varying the signal presentation level in a 2down-1up procedure. The masker level was set 

to 65 dB SPL for NH listeners and to medium loudness for HI listeners. We observed drastically elevated 

thresholds for HI listeners (>+10dB) compared to NH listeners. Participants with musical training generally 

exhibited significantly lower thresholds. These results for the first time demonstrate drastic effects of hearing 

impairment on musical scene analysis.  

  

Keywords: Auditory scene analysis, music perception, hearing impairment 
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Abstract
Knowledge about the reverberation time (T60) is exploited by numerous algorithms, e.g., for automatic speech
recognition, speech dereverberation, or as a feature for acoustic scene classification. This contribution provides
a comprehensive survey about various state-of-the-art methods to estimate the reverberation time blindly from a
noisy and reverberant speech signal and compares their estimation performance for different acoustic scenarios.
The evaluation considers different acoustic conditions regarding the signal-to-noise ratio (SNR) and direct-
to-reverberation ratio (DRR), and uses databases with room impulse responses measured in different acoustic
enclosures. The findings of the Acoustic Characterisation of Environments (ACE) challenge are extended by
taking into account algorithms and acoustic scenarios which are not considered in this benchmarking campaign,
and by using a much larger set of reverberant speech signals.
Keywords: Reverberation time, blind estimation, single-channel, survey

1 Introduction
The reverberation time (RT) T60 is an important and widely used quantity for the characterization of acous-
tic enclosures [1]. Knowledge about the RT is exploited for various applications such as automatic speech
recognition (ASR), e.g., [2–4] or speech dereverberation, e.g., [5–7]. For such applications, the (possibly time-
varying) RT can typically not be obtained by intrusive methods, e.g., by estimating it from a measured room
impulse response (RIR) by the Schroeder method [8] or its variants [9], but needs to be estimated blindly from
a reverberant speech signal, usually in the presence of background noise. Various reverberation time estima-
tors (RTEs) to address this challenging task were developed in the past two decades, e.g., [10–34].
The growing research interest in blind RT estimation also fuels the interest in comparative studies of differ-
ent methods. In [35], three state-of-the-art methods [16, 17, 19] are compared using simulated and measured
RIRs. In [30], an analytical and experimental analysis of three common decay rate estimators [10, 12, 18] is
presented which are the main building blocks of many modeled-based RTEs. The variety of concepts for blind
RT estimation has motivated the Acoustic Characterisation of Environments (ACE) challenge, which provided
an objective benchmarking of RT and direct-to-reverberant energy ratio (DRR) estimators [36, 37].
This contribution presents a survey of various methods for blind RT estimation and evaluates the performance
of selected methods corresponding to different classes of algorithms for T60 estimation and, thus, aims at com-
plementing previous benchmarking efforts. The investigation is based on the evaluation dataset and performance
measures used for the ACE challenge to complement its findings by also investigating algorithms which were
not evaluated in that challenge. In addition, a second database is used generated by more than 700 measured
RIRs to cover a larger range of RTs and DRRs than for the ACE challenge to investigate how well different
methods perform for various acoustical scenarios.
The paper is organized as follows: In Sec. 2, a survey of different approaches to blind RT estimation is provided.
The datasets used for the evaluation are described in Sec. 3 and Sec. 4 presents evaluation results for various
RTEs. The paper concludes with a summary of the main results in Sec. 5.
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2 Methods for Blind RT Estimation
This section provides a survey over various methods for blind RT estimation from single-channel speech record-
ings.

2.1 Model-based methods without training
Many approaches to model-based blind RT estimation were inspired by the work of Lebart et al. [10]. They
have in common that speech pauses in which the signal energy decays gradually due to the room reverberation
need to be detected followed by an estimation of the RT from the decay behavior. It is furthermore assumed
that the signal decay can be described by a statistical model

dm(k) = A v(k) e−ρ k Tsε(k) (1)

with sample index k, amplitude A> 0, decay rate ρ , unit step sequence ε(k), sampling period Ts and v(k) repre-
senting a sequence of i.i.d. standard-normally distributed random variables. The decay rate ρ is then estimated
by linear regression from the logarithm of the smoothed energy envelope of the reverberant speech signal within
the detected decay interval.1 The RT is obtained from the decay rate by the relation T60 = 3/(ρ log10(e)) such
that both terms can be used interchangeably.
In [12], the model of Eq. (1) is used to derive a maximum-likelihood (ML) estimator for the decay rate. Decay
rates are estimated continuously from speech frames (of 200 ms duration) shifted by one sample instant. The
final decay rate estimate is determined by applying an order statistics filter to a histogram of all decay rate
estimates, i.e., the maximum of the histogram yields the final decay rate estimate as detailed in [12]. A benefit
of this approach is that no speech decay detection is needed. However, the ML estimate of [12] is not given by
a closed-form solution, but has to be calculated by numerical optimization. In [13], two efficient solutions are
presented for this: A fast online algorithm is proposed which compares the values of the log-likelihood function
for a finite set of candidate decay rates to determine its approximate maximum. As an alternative, a fast block
algorithm is proposed (but not evaluated) which finds the maximum of the log-likelihood function iteratively by
a gradient-based method. However, a suitable step size has to be found to ensure convergence of the algorithm.
The use of an ML estimator to determine the RT from a noisy reverberant speech signal by means of a prior
denoising step is discussed in [18]. Based on this work, an efficient scheme to estimate a time-varying RT by
ML estimation is presented in [19]. A pre-selection of promising speech decays is performed to reduce the
computational complexity and the number of outliers for the T60 estimation. In [20], it is proposed to determine
the fullband RT by an energy-weighted average of ML-estimates determined from the subband signals of an
octave filter bank. As shown in [20, 36], this method provides a higher estimation accuracy at the cost of
increased computational complexity relative to the scheme of [19].
Various authors have derived ML estimators for the RT which are based on variants of the statistical decay
model of Eq. (1). In [18], an ML estimator is derived which allows to estimate the decay rate from a measured
RIR distorted by additive noise. An improvement of this estimator is presented in [30] which achieves a similar
estimation accuracy, but involves a significantly lower computational complexity. However, such estimators rely
on an accurate estimation of the noise variance. In [21], an ML estimator is derived from a statistical model
for the magnitude of the reverberant speech decay which leads to a closed-form solution for the T60 estimate.
The obtained RTE achieves a similar estimation accuracy as the method of [20], but with a considerably lower
computational complexity. In [14], an ML estimator is presented which extends the model of Eq. (1) to account
for different decay rates for the early and late reflections. In [24] and [33], ML estimators for the RT are
derived which assume a sequence of Laplace- and Gamma-distributed random variables, respectively, for v(k)
in Eq. (1).
In [25], a speech model-based algorithm is presented where the decay rate is estimated from the residual signal
obtained by a linear prediction (LP) filter. This approach is based on the assumption that the signal after LP

1In [10], there is no scheme described for detecting the speech pauses.
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filtering contains a residual speech signal convolved with the RIR, but not with the vocal tract filter any more.
In this case, the auto-correlation of the signal after LP filtering contains decays, which can be modeled by
Eq. (1) and estimated by an ML estimator as presented in [12]. An LP filter is also used in [32] to obtain an
estimate of the RIR from which the RT is calculated by the Schroeder method.
Besides ML estimation, the use of linear regression is another common method to obtain the RT from detected
speech decays [10]. In [22], RT estimation is performed in the discrete magnitude short-time Fourier transform
(STFT) domain by estimating the decay rate by linear regression from detected decay regions. The median of
the subband estimates is mapped to the fullband estimate by a linear function. A modification of this scheme is
presented in [23] to account for additive noise. It should be noted that model-based RTEs which obtained the
fullband estimate by a mapping of subband estimates [20,23] scored among the best at the ACE challenge [37].
The RTE presented in [29] operates in the modulation domain. The modulation coefficients are obtained by a
discrete Fourier transform (DFT) of the magnitude of the discrete STFT coefficients of the reverberant speech
signal calculated over the STFT frequency bands. The decay rate is determined by minimizing the mean-
square error (MSE) between the modulation coefficients of the reverberant speech and the representation of the
statistical RIR of Eq. (1) in the modulation domain for a detected sound decay.

2.2 Methods based on single feature mapping with training
The previously discussed model-based approaches have in common that the decay rate is estimated directly via
linear regression or ML estimation from a speech decay interval, an auto-correlation sequence or an estimate
of the RIR. In contrast, methods based on feature mappings derive the RT from a distinct parameter calculated
from the reverberant speech which changes with the T60. The RT is then obtained by a learned mapping function
between the calculated feature and the T60, e.g., [15–17, 26–28].
In [15], a pitch-based method is proposed for the estimation of short RTs (up to 0.6s). It is based on the
observation that reverberation changes the harmonic structure of voiced speech and the pitch strength measure
is introduced to quantify this change. The RT is finally obtained by a learned mapping function which relates
the pitch strength to the T60.
In [16], the variance corresponding to the negative side of the distribution of measured decay rates is mapped to
the RT by a second-order polynomial function whose coefficients are found by training with a few reverberant
speech files. The distribution of the decay rates is obtained by estimating decay rates in the discrete magnitude
STFT domain via linear regression for each frame without sound decay detection. Various improvements of this
algorithm have been proposed: In [26], the method of [16] is extended by including an LP-based prewhitening
step to obtain a better fit for the model assumption of Eq. (1). In [28], the estimation accuracy and robustness
towards noise is improved by learning a data-driven representation of the decay rates based on training for
several room configurations. In [27], the complexity of the RTE of [16] is reduced by calculating the decay
rates in Mel frequency bands instead of STFT frequency bands. The robustness towards noise is improved by
introducing a dependency on the signal-to-noise ratio (SNR) for the T60 calculation.

2.3 Methods based on multiple features with training
This class of RTEs maps multiple features to the RT, typically by using an artificial neural network (ANN). In
contrast to approaches based on single feature mapping, these methods usually require a much larger training
and do typically not rely on the statistical RIR model of Eq. (1).
An early attempt to estimate the RT with ANNs is presented in [11] which was trained on noiseless reverberant
speech. In [17], two approaches to estimate the RT are presented where various features are mapped to the
RT by support vector regression (SVR). In the first method, the cepstral coefficients of the reverberant speech
signal are used for the feature calculation. As an algorithmic variant, the reverberation-to-speech modulation
energy ratio (RSMR) is introduced, which is calculated in the modulation domain and used as feature for RT
estimation.
More recently, the joint room parameter estimator (jROPE) has been presented in [34] which jointly estimates
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the RT and early-to-late reverberation ratio (ELR) by an ANN. A multi-layer perceptron maps auditory-inspired
temporal modulation features to binned classes for the RT and ELR.

3 Datasets
The data corpus of the ACE challenge [36, 37] has become a common dataset for the evaluation of RT and
DRR estimators. The evaluation dataset contains 4500 noisy reverberant speech files with a sampling frequency
of 16 kHz and SNRs of −1 dB, 12 dB and 18 dB. The files were generated by convolving RIRs measured in
five different rooms with anechoic speech signals and adding noise recorded in the same rooms. The develop-
ment dataset contains 288 sound files generated by measured RIRs and recorded noise obtained for two rooms
different from those considered for the evaluation dataset.
The evaluation dataset of the ACE challenge provides very realistic recordings, but comprises only a rather
small set of acoustic environments due to the cumbersome recording procedure. Therefore, a new, larger dataset
with noisy reverberant speech signals was created for this study, termed as large evaluation dataset (LED). It is
used in addition to the ACE evaluation dataset to account for a larger range of RTs and DRRs. As for the ACE
challenge dataset, only measured RIRs and no simulated RIRs were used to generate the reverberant speech.
The measured RIRs were mainly obtained from publicly available databases which do not provide separate
noise recordings for the rooms in which the RIRs were measured. Therefore, the ambient noise was generated
by convolving the late reverberant part of the RIRs with either white Gaussian noise or babble noise, cf., [34].
Thus, the noisy reverberant speech signals were obtained as follows

yp,i, j,α(k) =
L−1

∑
l=0

sp(k− l) hi(l)+α

L−1

∑
m=0

h(late)
i (m) n j(k−m) (2)

with indices p∈ {1, . . . ,4}, i∈ {1, . . . ,782} and j ∈ {1,2} denoting the used anechoic speech signals sp(k), mea-
sured RIRs hi(k) and noise signals n j(k), respectively. Two male and two female speech files each with a length
of 14−16s were used obtained by concatenating speech files of the CSTR VCTK1 database [38] downsampled
to 16 kHz. Babble noise for an anechoic environment can be created by adding up non-reverberant speech sig-
nals, e.g., [34]. Here, 7 male and 7 female speech sequences using concatenated files of the CSTR VCTK1
database were added for this. The temporal segment of the RIR beginning 50ms after the first dominant peak
was taken as late reverberant part h(late)

i (m). The scaling factor α ≥ 0 was adjusted to obtain a predefined seg-
mental SNR between reverberant speech and additive noise. The active speech level for the segmental SNR
calculation was determined according to ITU-T P.56 [39] as provided by the MATLAB toolbox Voicebox [40].
Segmental SNR values of −5 dB, 5 dB, 15 dB and the case of no added noise were considered for the generation
of the dataset.
The RIRs to generate the LED were mainly obtained from publicly available databases, namely, the Aachen
impulse response (AIR) database [41], the multichannel acoustic reverberation database at York (MARDY) [42],
the multichannel impulse reponse database (MIRD) [43] and the OpenAirLib database [44]. Only RIRs with a
RT of less than 1.5s were considered. Moreover, RIRs measured in the acoustic laboratory, a seminar room
and a hallway of the Chair of Multimedia Communication and Signal Processing of the University Erlangen-
Nuremberg have been used with RTs ranging from 0.2 to 0.9s.
A scatter plot showing the RTs and DRRs of the 782 RIRs included in the LED is provided by Fig. 1. The
T60 was determined by the Schroeder method [8] using least-squares (LS) fitting. The DRR was determined
according to [37] (but without equalization prior to the peak search). The RIRs of the ACE challenge were not
used for generating the LED, but their RTs and DRRs are shown in Fig. 1 for comparison. The used databases
often provide various RIRs measured in the same room at different positions which is reflected by the different
DRR values for the same RT.
Four scenarios were considered for generating the LED: A male or female speech signal in the presence of
either diffuse noise or babble noise. Hence, the database for each segmental SNR value comprised 3128 audio
files and the complete database with its 12512 files has a total duration of 75 hours.
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Figure 1. RTs and DRRs of the RIRs used for the large evaluation dataset (LED) and the ACE challenge data
corpus (evaluation and development dataset).

Table 1. Overall estimation accuracy of various fullband RTEs.

ACE evaluation dataset Large evaluation dataset
Algorithm Bias MSE Cp Bias MSE Cp

FAO [13] -0.161 0.193 0.169 -0.215 0.168 0.572
LM RTE [24] 0.294 0.216 0.285 0.220 0.140 0.635
ML RTE [19] -0.046 0.111 0.384 0.010 0.065 0.770
OSB RTE [20] -0.106 0.072 0.751 0.046 0.066 0.758
SFM RTE [27] -0.051 0.095 0.502 -0.010 0.062 0.778
jROPE II [34] 0.124 0.129 0.661 0.312 0.374 0.489

4 Evaluation
As representatives for the large class of model-based approaches without training, the fast online algorithm
(FAO) of [13], the Laplace distribution-based estimator (LM RTE) of [24], the ML estimation-based RTE
(ML RTE) of [19] (which served as baseline algorithm in the ACE challenge) and the octave subband-based
RTE (OSB RTE) of [20] are considered in this evaluation.2 The single feature mapping-based RTEs are repre-
sented by the algorithm of [27] (SFM RTE) and the jROPE II algorithm [34, 46] represents a method for RT
estimation based on multiple feature mapping. The estimation performance is assessed by the bias, MSE and
Pearson correlation coefficient Cp as used also for the ACE challenge [37] which also allows to compare the
evaluation results with those of [37]. The Pearson correlation coefficient quantifies how closely the estimation
results are correlated with the ground truth values, cf., [37].
The evaluation results for the considered estimators and datasets are listed in Table 1. The OSB RTE and
SFM RTE show a high estimation performance for both datasets where the OSB RTE achieves the highest
performance of all RTEs for the ACE challenge dataset w.r.t. MSE and Pearson correlation coefficient, and

2A MATLAB implementation of the ML RTE is available online [45] where the results for the ACE challenge [37] were created with a modified
version which used a different parameter setting and included a prior noise suppression.
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Table 2. Estimation accuracy for different segmental SNRs and DRRs for the LED.

segmental SNR [dB] DRR
Algorithm Measure -5 5 15 ∞ < 5 dB > 5 dB

OSB RTE [20]
Bias 0.188 0.055 -0.010 -0.050 0.017 0.089
MSE 0.131 0.054 0.039 0.040 0.075 0.052
Cp 0.606 0.827 0.889 0.899 0.770 0.525

SFM RTE [27]
Bias 0.096 -0.018 -0.028 -0.092 -0.047 0.043
MSE 0.066 0.048 0.055 0.079 0.079 0.037
Cp 0.799 0.851 0.831 0.754 0.772 0.586

jROPE II [34]
Bias 0.591 0.452 0.179 0.025 0.285 0.351
MSE 0.638 0.502 0.239 0.119 0.342 0.422
Cp 0.372 0.450 0.631 0.689 0.533 0.312

the SFM RTE achieves the highest estimation accuracy of all treated estimators for the LED. In contrast,
the estimation performance of the ML RTE is less consistent for both databases as it achieves a marginally
better estimation performance than the OSB RTE for the LED, but a significantly lower accuracy for the ACE
challenge dataset.
Like the ML RTE, the FAO and the LM RTE are also ML-based methods, but do not account for additive
noise which explains their lower estimation performance in comparison to the ML RTE that performs a noise
reduction prior to the RT estimation. The jROPE II estimator achieves a rather good estimation performance
for the ACE challenge dataset with the second highest Pearson correlation coefficient of all estimators, but the
lowest estimation performance of all approaches for the LED. The LED contains a much larger variety of
DRRs and RTs than the ACE challenge dataset such that the mismatch between training and evaluation data
can become more pronounced.
More detailed results for the OSB RTE, the SMF RTE and the jROPE-II estimator (as representatives for the
previously discussed three classes) for the LED are provided by Table 2. The estimation performance of the
jROPE II estimator decreases for decreasing SNRs most likely due to a mismatch between the noise used for
the LED and the noise used in the training, cf., [34]. A mismatch between training and evaluation dataset could
also explain the lower estimation performance for higher DRRs than for lower DRRs.3 A similar tendency
can also be observed for the OSB RTE whose estimation performance decreases for low SNR values of 5
and −5 dB. The prior noise suppression can only partly remove the noise, especially at low SNRs, and the
remaining noise contained in the detected speech decays leads to an increased bias and estimation error since
the assumed statistical model of Eq. (1) becomes less valid. This statistical model does also not model early
reflections which explains the lower Pearson correlation coefficient for higher DRRs. The same can be observed
for the SFM RTE which is also derived based on the statistical model of Eq. (1). However, the estimation
performance of this RTE does not decrease significantly for low SNRs compared to the OSB RTE which can
be attributed to the SNR-dependent RT calculation.

5 Conclusions
This contribution has presented a comprehensive survey on single-channel algorithms for blind RT estimation
and an evaluation of selected algorithms representing different approaches to RT estimation by using the evalu-
ation dataset of the ACE challenge and a second dataset which covers a larger range of RTs and DRRs. Most
model-based approaches for RT estimation are derived by assuming a statistical model for the sound decay and
require no training phase. The evaluation of four such approaches [13, 19, 20, 24] has shown that the energy

3The non-blind RT estimation from a measured RIR by the Schroeder method [8] is also less reliable for a high DRR as the assumption of a
logarithmic energy decay is less valid.
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weighted averaging of subband estimates [20] leads to a higher overall estimation performance than the RT
estimation in the time-domain as done in [13, 19, 24] (at the cost of a higher computational complexity). RTEs
based on single feature mapping require typically a training phase for a small set of room configurations such
as [27]. This RTE and the RTE of [20] have achieved a rather high estimation performance for both considered
database. However, both methods are derived by a statistical model for the sound decay and show performance
degradations if this model becomes less valid due to noise or for high DRRs. The evaluation has shown that
adapting the RT calculation based on the SNR in [27] achieves a higher noise robustness than a prior denoising
as used in [20].
RTEs based on the mapping of multiple features to the reverberation time, e.g., by an ANN, require much more
training data than single feature-based approaches, but do not rely on an explicit signal model. The evaluation
of the jROPE II estimator [34] has shown that a mismatch between training and evaluation dataset can lead to
a significant decrease of the estimation accuracy.
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Abstract
The increasing availability of large-scale annotated databases, together with advances in data-driven learning
and deep neural networks, have pushed the state of the art for computer-aided detection problems like audio
scene analysis and event classification. However, the large variety of acoustic environments and their acoustic
properties encountered in practice can pose a great challenge for such tasks and compromise the robustness of
general-purpose classifiers when tested in unseen conditions or real-life applications. In this work we perform
a quantitative analysis of the effect of room acoustics on general audio event detection scenarios. We study the
impact of mismatches between training and testing conditions in terms of acoustical parameters, including the
reverberation time (T60) and the direct-to-reverberant ratio (DRR), on audio classification accuracy and class
separability. The results of this study may serve as guidance for practitioners to build more robust frameworks
for audio event classification tasks.
Keywords: Sound Event Classification, Reverberation, T60, C50, ESC-50

1 INTRODUCTION
Sound events serve humans as cues for understanding content and contextual information regarding their sur-
roundings. The aim of computerized audio event detection is to effectively process and convert audio signals
into descriptive representations that can be used by automatic processes for inference. There has been consider-
able research interest in audio event detection and classification over the past few decades, resulting in scientific
challenges like DCASE [1], in publicly available data sets [2, 3, 4] and open source contributions.
Recent advances in audio event detection and classification have seen adoption in a variety of applications
spanning different fields. In health care monitoring scenarios, Ghiasi [5] proposed a system for classifying
heart sounds related to coronary artery disease and heart valve defects; in [6] lung sound signals related to
pneumonia and other respiratory diseases are detected, and in [7] an assisted living framework for monitoring
patients’ behaviour is presented. In home security [8] and surveillance applications, Foggia [9] studied auto-
mated detection of road accidents in audio streaming scenarios. Other applications include: multimedia database
retrieval, where Esling [10] proposed audio retrieval and classification via multi-objective audio matching; and
audio tagging and segmentation, with recent work focusing on scenarios with increased number of classes and
label uncertainty [11], that better reflect practical system requirements.
Research on audio event detection and classification faces two major challenges: i) limited availability of reli-
ably annotated data and ii) large variability in terms of the recording hardware, noise conditions, and acoustic
environment. The first challenge (i) arises from the fact that collecting and carefully annotating large amounts
of audio data is a time consuming and costly task. Recently, efforts have been made to exploit data sets with
sparse or noisy labels, driven in part by the increasing availability of large databases containing user-contributed
audio clips and meta data. Task 4 of the 2018 DCASE challenge addressed the large-scale detection of sound
events using weakly labeled data without explicit event time stamps [12]. The goal was to exploit large amounts
of unbalanced and unlabeled training data combined with a smaller set of weakly labeled data. In a similar set-
ting, the 2019 DCASE challenge seeks to exploit a small amount of reliably, manually labeled data, together
with a large quantity of noisy web data in a multi-label audio tagging task with a large vocabulary of labels.
The second challenge (ii) is exacerbated by an increasing reliance on large, user-contributed data sets, as these
sets presumably exhibit high inter- and intra- class variability in terms of the recording equipment, acoustic
environment, and background noise conditions compared to data sets collected in a concerted effort by pro-
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fessionals. This variability poses a challenge for audio event classification models. Lopatka [13] studied the
deterioration of acoustic event classification in the presence of background noise, and how this effect varies per
class type. They show that the sound of glass breaking displayed moderate classification deterioration in low
signal-to-noise (SNR) cases in terms of precision and recall, while gunshot sound classification demonstrated
a more significant deterioration at low SNRs, and scream sounds showed a big spread between precision and
recall for low SNR cases. The organizers of the first DCASE challenge further discussed the inherent difficulty
in detecting overlapping sound events [14]. However, to the best of our knowledge, there is little previous work
studying the effect of reverberant environments for the task of audio event classification.
In speech recognition, noise and overlapping sounds are known to negatively affect model performance. Prior
work on the effect of reverberation suggests that parameters such as the clarity index (C50) as well as the
direct-to-reverberant ratio (DRR) strongly affect speech recognition performance [15]. A recently published
DCASE task involves localization and recognition of individual sound events within various reverberant and
noisy conditions [16]. This task may ignite interest in addressing the issue of reverberation in audio event
classification. Here we study the effect of the acoustic environment, in terms of reverberation parameters, on
the performance of a machine-learning based audio event classification model.

2 DATA CORPUS AND METRICS
To determine the effect of reverberation on audio event classification, we rely on an audio event classification
corpus, and a large set of measured acoustic impulse responses (AIRs) to simulate various acoustic conditions.

2.1 Sound event data set
The Environmental Sound Classification (ESC-50) data set consists of 2 000 audio recordings [3]. Each file
in the data set was recorded at 44 100 Hz and has a duration of 5 seconds. The clips were annotated using
a crowd sourcing platform, were judges were presented with 50 classes, under the categories animals, natural
soundscapes, human non-speech sounds, domestic sounds and exterior noises. All classes in the data set are
balanced, containing 40 examples each, and are split into 5 folds for cross validation.

2.2 Impulse Responses
A large corpus of acoustic impulse responses was compiled from real measurements from proprietary and public
data set sources: ACE Challenge Corpus [17], PORI Concert Hall Impulse Responses [18], REVERB Challenge
corpus [19], Echothief Impulse Response Library [20], SOFA [21], SMARD [22], Real Acoustic Environments
Working Group database [23], and Multichannel Acoustic Reverberation Database at York [24].

2.3 Impulse response parameter estimation
The reverberation time (T60) describes the time it takes for the energy of an AIR to decay by 60 dB. It
is estimated here using a method by Karjalainen et al. [25]. A related parameter known to be perceptually
relevant is the early decay time (EDT). It can be estimated by fitting a line to the energy decay curve (EDC),
from the point where the EDC drops below -5 dB to where it drops below -15 dB.
Given an AIR, h[n], the direct-to-reverberant ratio (DRR) is the ratio of the energy of the direct path, estimated
in a 2.5 ms window around the maximum amplitude point of the impulse response, to the energy of the reflected
paths outside this window [17]. With nd = argmax

n
|h[n]|, DRR is given as:

DRR = 10log10

(
∑

nd+nw
n=nd−nw

h[n]2

∑
∞
n=nd+nw h[n]2

)
, (1)

where and nw is the number of samples in a 2.5 ms window at the given sampling rate. Note that nd and (1)
are slightly modified compared to the definitions given by Eaton [17]. The clarity index (C50) measures the
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Figure 1. Distribution of impulse response parameters.

0.25 0.5 1 2 4

T60 [s]

0.25

0.5

1

2

4

E
D

T
 [

s]

0.25 0.5 1 2 4

T60 [s]

-10

-5

0

5

D
R

R
 [

d
B

]

0.25 0.5 1 2 4

T60 [s]

-5

0

5

10

15

C
5

0
 [

d
B

]

Figure 2. Distribution of impulse response parameters.

energy ratio between early and late parts of the impulse response [26]:

C50 = 10log10

(
∑

n0+n50
n=n0 h[n]2

∑
∞
n=n50

h[n]2

)
, (2)

where n0 is defined as the sample with the largest drop in the EDC, which was found to be a relatively robust
measure for determining the direct path, and n50 is the number of samples corresponding to a 50 ms window
at the given sampling rate.

2.4 Corpus generation
All samples and AIRs were resampled to 16 000 Hz for further processing. After pruning AIRs with measure-
ment artifacts, low sampling rates, or extreme reverberation parameters (e.g., reverberation times longer than 4
seconds), we compiled a corpus of 11 684 AIRs. For training and evaluation of the audio event classification,
we created two separate sets: a raw set (raw) and a reverberant set (rev). The raw set consists of the raw
ESC-50 samples. The rev set was created by convolving the raw ESC-50 samples with AIRs from our AIR
corpus, to generate audio event examples with varying acoustic conditions. To ensure a uniform and dense sam-
pling of the acoustic parameters, we generated 10 000 rev examples from the 2 000 raw samples, by convolving
each sample with 5 AIRs drawn randomly from a uniform distribution between 0.25 and 4 seconds for T60, and
between -12 and 6 dB for DRR. Note that for T60, the distribution was chosen to be uniform on a logarithmic
scale, as we hypothesize that to be more in line with the expected effect of T60 on classification. It should also
be stated that the acoustic conditions of the raw set are unknown. We assume that these unknown conditions
are randomly distributed in terms of their acoustic parameters, and that their effect can be mitigated through
averaging of the classification results. Figure 1 illustrates the distribution of the four acoustic parameters studied
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Figure 3. Class prediction model: CNN with 10 convolutional layers and a fully connected layer.

here, for the randomly drawn AIRs. As can be seen, EDT has a distribution similar to T60, while C50 exhibits
a Gaussian distribution. Plotting T60 against the other parameters confirms the desired uniform distribution with
DRR (Figure 2, center), while revealing a strong correlation between T60 and EDT (Figure 2, left) as well as
C50 (Figure 2, right). While this correlation is not surprising given the physical processes underlying AIRs, it
should be considered when studying the effects of these AIR parameters in isolation.

2.5 Evaluation metrics
As the ESC-50 data set contains a balanced number of samples per class, the weighted accuracy (WA) measure
was used for evaluating classification performance. WA is given by

WA =
∑

J
j=1 Ncorr, j

N
, (3)

where N is the total number of samples, and Ncorr, j is the number of correct predictions for class j = [1, ..., J].

3 AUDIO EVENT CLASSIFICATION MODEL
ESC-50 was created from a set of user-uploaded data and includes challenging examples with large ambiguity
between classes. Previous work has shown promising results on this set by using transfer learning and ex-
tracting audio features using models pre-trained on large data sets [27, 28]. However, to analyze the effect of
reverberation on both training and testing performance of an audio event classification model, we rely only on
features and embeddings extracted directly from our data corpus, described in Section 2.

3.1 Model architecture
The classification model and data processing used here closely follow the AclNet convolutional neural network
(CNN) architecture in [29], which was shown to provide near state-of-the-art performance on ESC-50. Unlike
AclNet, which operates directly on time domain input signals, we use a Mel-frequency spectrogram as input
to the network, as described in Section 3.2. A block diagram of the model used here is shown in Figure 3.
The network consists of 10 convolutional layers with rectified linear unit (ReLU) activation, batch normalization
after all but the first and last layer, a kernel size of 3×3 and a stride of 1. Dropout is added for regularization
before layers 4, 8, and 10, with a rate of 0.2. Max pooling over 2×2 patches with a stride of 2 is performed
after layers 1, 3, 5, 7, and 9. After each max pooling layer, the number of CNN filters doubles, from 24 to
48, 96, 192, and 384. The final CNN layer has 50 filters, equal to the number of classes. It is followed by a
single 2×4 average pooling to reduce the number of outputs to 50. The classification result is obtained at the
output of a single fully connected linear layer.

3.2 Data augmentation and feature extraction
To increase the amount of available training data, a common technique is to apply transformations to the in-
put signals or features, a process referred to as data augmentation. Here we perform augmentation online, that
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is, transformations are applied to all samples as they are retrieved for training or testing. As proposed by
Huang [29], we first extract a random 2-second segment from the 5-second audio clips. As the ESC-50 clips
contain silent segments, we discard segments whose amplitude never exceeds 10% of the overall maximum
amplitude. The 2-second segment is then stretched in time through resampling with a random factor drawn uni-
formly from [0.8, 1.25]. The resulting segment is cropped to 1.5 seconds, and a random gain drawn uniformly
from [-6, 6] dB is applied. A Mel-spectrogram is extracted from the resulting clip using an FFT size of 512
samples and an overlap of 160 samples, yielding 128 spectral and 151 temporal bins. This feature matrix is fed
as input to the CNN model, after taking the logarithm and applying a constant bias and gain for normalization.
During testing, the same feature matrix is calculated for the 1.5-second segment with the highest energy.

4 EXPERIMENTAL EVALUATION
4.1 Train and test conditions
To explore the effect of reverberation on classification performance, we used the following conditions:

1. Train on raw, test on raw (TrRaw-TeRaw); this serves as the baseline, and corresponds to the typical
experimental setup in prior work using the ESC-50 data set.

2. Train on raw, test on rev (TrRaw-TeRev); this reveals the performance impact of testing on acoustically
more challenging conditions than the network was trained on.

3. Train on rev and raw, test on raw (TrRev-TeRaw); applying reverberation to (some) training data could
potentially be seen as a form of data augmentation.

4. Train on rev and raw, test on rev (TrRev-TeRev); this scenario illustrates the benefit of training the
model on acoustic conditions similar to the ones encountered during testing.

The same classification model (see Section 3.1) is trained and tested on all 4 conditions outlined above. The
effect of the reverberation is determined by analyzing the classification performance as a function of the rever-
beration parameters of the AIRs used to generate the rev samples (see Section 2).

4.2 Model training
The CNN model is implemented in PyTorch [30] and trained using stochastic gradient descent, with a learning
rate of 0.01, a momentum of 0.9, and a weight decay of 0.0002, over 500 epochs for TrRaw-TeRaw and
TrRaw-TeRev, and 130 epochs for TrRev-TeRaw and TrRev-TeRev. Five-fold cross-validation is performed
per the ESC-50 recommendations, with 4 folds used for training and 1 fold for testing.

4.3 Results
For the baseline condition TrRaw-TeRaw, the model achieved an average classification accuracy of 68.1%.
As seen in Table 1, performance dropped significantly for TrRaw-TeRev, i.e., when testing on reverberant
data, to 45.6%. Including rev data for training improved performance for both raw and rev test sets, with
TrRev-TeRaw and TrRev-TeRev achieving 71.2% and 62.4% accuracy, respectively. This indicates that adding
reverberant examples to the training data can be useful both for data augmentation and for reducing potential
mismatches between acoustic conditions in training and testing.

Table 1. Average classification performance of the CNN (see Section 3.1) for all experimental conditions.

TrRaw-TeRaw TrRaw-TeRev TrRev-TeRaw TrRev-TeRev

WA (%) 68.1 45.6 71.2 62.4
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Figure 4. Classification accuracy per class for all experimental conditions.
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Figure 5. Classification accuracy as a function of IR parameters.

Figure 4 illustrates the performance of the model for all classes and experimental conditions. To reduce vari-
ability, the results are averaged over all 5 folds, 3 identical models trained with slightly different (learning rate,
dropout rate) settings, i.e., (0.01, 0.2), (0.005, 0.2), and (0.005, 0.5), as well as 6 training epochs from epochs
450 to 500 for TrRaw-TeRaw and TrRaw-TeRev, and from epochs 90 to 140 for TrRev-TeRaw and TrRev-
TeRev. Vertical lines indicate 95% confidence intervals. As shown, the per-class classification performance
ranges from about 20% for the “sea waves” and “clock tick” to about 90% for “siren”.
To highlight the effect of mismatches in terms of the reverberation parameters between training and testing, the
results are sorted for the condition TrRaw-TeRev in terms of the average classification performance relative
to the baseline condition, TrRaw-TeRaw, that is, from the class most affected by a reverberation parameter
mismatch to the class least affected. There are several possible explanations for the per-class performance impact
of reverberation. Some classes may exhibit acoustic features less affected by reverberation. These features may
include slow spectro-temporal changes that are not masked by reverberation (e.g., “siren”), or spectro-temporal
patterns that are sufficiently distinct to be recognizable regardless (e.g., “clock alarm”). Conversely, samples
with distinct transient features, including “clock tick” and “keyboard typing”, may be negatively impacted by
reverberation. Furthermore, the raw ESC-50 samples do not exhibit random acoustic conditions, but that there
is some correlation between the class and the typical acoustic conditions in which its samples are recorded. For
example, “sea waves” is not typically subject to reverberation, but “washing machine” might be.
However, the response of complex machine learning models to even subtle changes in the input features can
be rather non-intuitive, especially in the case of mismatches between training and testing. Thus, it may be
more insightful to look for trends averaged over all classes. Figure 5 shows how the total accuracy varies with
respect to the different AIR parameters. The results are binned and averaged over all samples of the exper-
imental conditions with reverberant test sets, TrRaw-TeRev and TrRev-TeRev. For reference, we also show
the accuracy of models TrRaw-TeRaw and TrRev-TeRaw, binned and averaged over the same samples, even
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though no reverberation was applied to those samples. As can be seen, for these conditions the performance is
relatively constant across all bins, i.e., any effects visible for the reverberant test conditions, TrRaw-TeRev and
TrRev-TeRev, are most likely a result of the added reverberation. For TrRaw-TeRev, performance is signifi-
cantly worse compared to other conditions across all AIR parameters. Furthermore, classification performance
seems to decrease with T60 and EDT and increase with DRR and C50, by a margin of about 10%. Adding re-
verberation during training boosts performance by about 16% (see Table 1), an indicator that matching acoustic
conditions during training and testing are important for achieving high classification performance.

5 CONCLUSIONS
We present an exploratory study on the effect of reverberation on sound event classification for the Environmen-
tal Sound Classification (ESC-50) data set. A convolutional neural network (CNN) based on AclNet [29] was
trained and tested on a combination of raw and artificially reverberated ESC-50 samples. For the given model
and samples, we observed an average classification performance drop of 22.5% for a model trained on raw
ESC-50 samples and tested on reverberant samples. The performance drop ranged from close to 0% to about
50% depending on the class. Our results indicate a correlation between this drop and reverberation time (T60)
and early decay time (EDT), as well as direct-to-reverberant ratio (DRR) and clarity (C50). Adding artificially
reverberated samples to the training data reduced the performance gap and even improved performance on the
raw ESC-50 samples, suggesting adding reverberation may further be useful for data augmentation. A more
detailed analysis of the impact of reverberation on class-dependent features is left for future work.
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Abstract
Learning-based localization approaches cast the acoustic speaker localization problem as a machine learning
task where a classifier is trained on example data of acoustic feature vectors in order to predict likelihood of
speech presence as a spatio-temporal distribution. We investigate the impact that fundamental acoustic pa-
rameters of the auditory scene (e.g. SNR, acoustic scene complexity, sensor geometry) exert on the ability to
faithfully extract spatio-temporal activity maps for concurrent speakers. Our results indicate that to some degree
shortcomings in the acoustic conditions can be compensated by increased complexity in the applied classifi-
cation techniques. To this end, we systematically investigate localization performance for a set of deep neural
network localizers of varying complexity, and for six different sensor configurations in a bilateral hearing aid
setup. Deep networks result in improved performance compared to linear localizers, and their performance ben-
efits more from an increase in the number of sensor channels. In specific configurations, deep networks with a
smaller number of microphones perform better than a linear baseline network with a larger number of micro-
phones. Thus, location-specific information in source-interference scenarios appears to be encoded non-linearly
in the soundfield, requiring non-linear approaches for optimal decoding.
Keywords: Sound, Insulation, Transmission

1 INTRODUCTION
Acoustic source localization is a task routinely performed by the human auditory system. Several approaches
have been proposed recently that formulate the acoustic source localization problem as a machine learning task
where a mapping from acoustic features to the corresponding source location has to be learned from training
data [4, 6, 8, 3, 1, 2].
The present work proposes a non-linear extension of our earlier linear approach [4] by employing deep feed-
forward networks that learn the transformation from multi-channel audio signals to a probabilistic location map.
Specific emphasis is put on a systematic comparison across several deep network architectures and with a linear
reference networks that serves as baseline. We investigate the question as to what extent the density of spatial
sound field sampling, i.e., number of microphone sensor channels, influences localization accuracy and whether
there might be a trade-off between number of sensors and complexity of the classifiers’ architecture. The results
presented here for speech sources embedded in isotropic noise are indicative of a qualitative difference between
non-linear (deep network) and linear localizers that cannot be overcome by the inclusion of additional sensor
channels.

2 METHODS
2.1 Discriminative deep network architecture for probabilistic acoustic source localization
The discriminative approach to source localization [4] builds on a standard classification framework that is em-
ployed to build decision models for directional sound source presence. Multi-layer feedforward neural network
architectures are trained to learn an implicit representation of relevant acoustic parameters, thus no direct im-
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Figure 1. Processing diagram of the proposed algorithm.

Table 1. Geometries of the hearing aid setup and the resulting number of GCC-PHAT coefficients that form the
feature vector input for discriminative localization.

Geom. #Mic Chan. left Chan. right #GCC

G1 2 front-left front-right 193

G2 4 front-left front-right 579
rear-left rear-right

G3 6 front-left front-right 1158
center-left center-right
rear-left rear-right

pulse response measurements and no additional assumption on the acoustics are required.
Source presence is indicated by cross-correlation function features ρi j(τ), containing a main peak centered
around the TDOA τi j(ζ ) corresponding to location ζ . Due to their invariance to spectral changes, generalized
cross-correlation phase transform (GCC-PHAT) [7] are employed here. The cross-correlation functions should
therefore permit a classifier to adaptively learn to discriminate patterns that imply source presence from those
that occur when no source is active in the direction of interest.
During classifier training, example feature vectors φ are labeled as positive examples for their respective source
direction ζ , whenever a source is present at the corresponding location during the time-frame across which the
feature vector has been computed. We here employ deep feed-forward neural network classifiers in order to
build implicit direction-dependent models during training. Their output layer contains a set of N output units,
one for each direction ζ .
When trained with the categorical cross-entropy cost-function, network outputs converge to a-posteriori proba-
bility estimates for the respective classes. Hence, the output of a trained deep network localization algorithm
provides us with a spatio-temporal probabilistic localization map P̂source(ζ , t) that indicates the probability of
a source being active for each time frame t and each direction ζ . When the single most probable source di-
rection is to be identified, maximum a-posteriori estimates are computed from the probabilistic location map.
Multi-source DOA estimation is achieved by evaluation of the J most probable occurrences of sound source
positions.
Fig. 1 provides a summary of the network structures examined in the present study, with varying number of
network layers and different layer sizes. To investigate the influence also of acoustic parameters, the discrimi-
native localization method has been applied to a number of different sensor geometries, with between two and
six channels of the bilateral Hearing aid setup being used. Table 1 summarizes microphone geometries and
resulting GCC-PHAT feature vector dimensionality.
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Table 2. Performance of DNN architecture compared to linear reference network Net R in terms of van Rijsber-
gen’s effectiveness E in acoustic scenario with 10 dB SNR.

τ/ms Net 1 Net 2 Net 3 Net R rel. imp.

G1 10 0.60 0.60 0.61 0.65 8.3%
G2 10 0.31 0.32 0.32 0.42 26.7%
G3 10 0.30 0.30 0.31 0.39 23.8%

G1 100 0.28 0.29 0.33 0.36 22.0%
G2 100 0.06 0.07 0.07 0.12 46.7%
G3 100 0.06 0.07 0.07 0.11 41.5%

3 EXPERIMENTAL EVALUATION
3.1 Training and evaluation data
Data for training and evaluation comprising, in total, 15 hours of multi-channel data were generated from a
database of multi-channel head-geometry room impulse response functions [5] and the TIMIT speech corpus.
These included 144 unique speaker-utterance combinations for each SNR condition per direction, with space
subdivided into 72 direction-of-arrival locations, spaced 5 degrees apart.

3.2 Experiments
Experiments were carried out in order to systematically investigate the effect that different sensor geometries
and deep network architectures as outlined above have on localization performance. Signal-to-noise ratio (SNR)
ranged from clean to −10 dB. The maximum a-posteriori direction estimate has been computed on (unaveraged)
localization probability outputs of the networks on a 10 ms time-scale, as well as after temporal pooling of
probabilities across 100 ms frames. Results from a subset of experiments are reported below, which highlight
the observed effects in a number of typical acoustic scenarios. Experimental conditions not reported here include
a variation in required spatial localization accuracy, additional temporal pooling time-constants, and presence of
a localized interfering speaker in addition to isotropic noise.

3.3 Results
Table 2 shows van Rijsbergen’s effectiveness E = 1−F1, indicating that DNN architectures perform significantly
better than the linear reference net, albeit the differences between DNN architectures being minor. The im-
provement with 6 microphones (G3) instead of 4 microphones (G2) appears small, with the linear network in
situation G3 still performing poorer than the DNN localizers in situation G2. Thus, information about source
location in an interfering noise field may require non-linear processing for decoding, an effect that linear meth-
ods cannot compensate for by denser spatial sampling, cf. situation G3 with Net R. Table 3 investigates the
effect of increasing the number of recording channels, showing relative improvement of geometries G2 and G3
over the 2-microphone geometry G1 (with the respective network architecture and pooling time-constant being
held equal). The results show that DNN=processing obtains a larger benefit from an additional microphones
compared to the linear network Net R.

4 SUMMARY
In the present contribution, we have proposed a deep network approach to acoustic source localization in a hear-
ing aid scenario with multiple behind-the-ear microphones mounted bilaterally on a head. While our previous
work has shown that source localization in this setup can be carried out with high accuracy using learned lin-
ear filters, results presented here show that performance can be further increased through the use of non-linear
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Table 3. Effect of increasing number of recording channels from 2 microphones (geometry G1) to 4 (G2) and
6 (G3).

τ/ms Net 1 Net 2 Net 3 Net R

G2 10 48.1% 47.6% 47.3% 35.0%
G3 10 50.3% 49.8% 49.4% 40.1%
G2 100 76.5% 76.4% 78.4% 65.6%
G3 100 77.6% 77.1% 79.3% 70.1%

learning algorithms such as deep feedforward networks. While the specific network architecture appeared to be
of lesser significance, it may be of interest that the improved performance of non-linear localization cannot be
achieved with linear methods even if the sensor number is increased further: Linear models on 6-channel data
were incapable of reaching the performance that non-linear networks achieved on 4-channel data.
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ABSTRACT 
The present paper describes the process of generating virtual auditory scenes exhibiting multiple virtual 
sources in different locations, which is accomplished through the application of the time reversal mirror 
(TRM) method. This technique, developed by Mathias Fink, can be used to focus an acoustic signal at a 
particular point in space. Time-reversing the transfer function between a TRM array and an acoustic source 
generates an acoustic spatiotemporal focus at said source’s original location. Thus, this time-reversed focus 
behaves as a "virtual" source in the outbound direction with respect to the TRM. Provided that an acoustic 
impulse is previously registered by the TRM device, a "virtual" audio source can be generated at the 
impulse’s location by convolving the TRM impulse response with an audio signal. Since the system is linear, 
it allows the addition of impulse responses belonging to different locations, which can be convolved with 
audio signals in order to shape the sound field of the auditory scene. The numerical simulations implemented 
to explore this method, locate arbitrary audio signals in selected positions of an auditory scene.  
 
Keywords: Virtual sources, Time reversal mirrors, Impulse response. 

1. INTRODUCTION 
The Huygens-Fresnel principle establishes that each point of a wavefront can be replaced by an 

infinite set of point sources with same frequency and phase to the original wavefront. One way to 
implement this principle is to record a wavefront emitted by a point source using a finite array of 
transducers and then re-emit the record (1). This generates a wavefront similar to that of the point 
source within a frequency range related to the size of the array and the separation between elements. 
Mathias Fink (2, 3) proposed a modification to this process that takes advantage of the reversibility of 
the differential equations of acoustic propagation to make the wavefront converge into a focus at 
spatial and time domains. The time reversal mirror technique (TRM) allows an incident acoustic field 
to be re-focused on the position of the original source, based on the reciprocity and temporal symmetry 
of the wave equation and the coherent recombination of the acoustic fields by taking advantage of the 
reversibility of acoustic propagation to create wavefronts that propagate as if time had been reversed.  

Fink (4) expresses it very graphically by stating that if a person says "Hello" in front of a TRM then 
will be heard "Olleh" at the point where his mouth is. 

Consider the case of an acoustic field sampled by a TRM, with a source in location r=rn. For a 
source signal time dependence described by function F(t−tn), where tn represents a reference delay, 
the time-reversed field (TRF) is defined by the Eq. (1) 

 
 

(1) 
 

 
(with Rn≡ |r-rn| and T≡Rn/c, where c is the sound speed), describes a focusing event where waves 
converge to (for t < tn) then diverge from (for t > tn) the focal point at location r = rn. In this sense, the 
TRF focus event can be considered as a virtual source in front of the array (5), as shown in Figure 1. 

The time-reversal of the multi-track recording of the array is a fundamental principle for the 
successful TRM performance, so it seems necessary that the convergent signal will be temporarily 
inverted. 
                                                        
1georgina.lizaso@gmail.com 
2jorgepetrosino@gmail.com 
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Figure 1 – Virtual source scheme 
 
The time development of speech is critical in acoustic applications in the audible range, however in 

biomedical, geological or meteorological uses reported in the state of the art (6, 7, 8, 9) work with 
signals without a discursive or musical content in which obtaining a reversed time development is not 
considered a problem. 

Since the system is linear and time-invariant (3), it is possible to convolve the TRM impulse 
response with a signal before re-emitting it. From now on, this modification will be called 
“Convoluted Time Reversal Mirror” (CTRM). In this way a source can be located with the right time 
order. 

By the principle of superposition, using several TRM impulse responses convolved with different 
audio signals from different locations allows to achieve a full virtual sound scene (10). For example, 
you could select four positions for the musicians in a string quartet, obtain the impulse responses 
independently from each of the desired positions, and then process this information to locate the audio 
signals at any of those points. 

This paper examines with three-dimensional simulations the possibility of keeping the convergence 
of wavefronts without reversing their time development; and also the possibility of overlapping 
convoluted impulse responses to get virtual auditory scenes.   

Section 2 describes the k-space pseudo-spectral method, describing its adequacy for simulating 
wavefront propagation for TRM. Section 3 tests the correct time development of the signal after 
convolving the impulse responses, generating a virtual audio source. Section 4 shows the possibility of 
overlapping TRM impulse responses to create an auditory virtual scene. 

2. SIMULATION METHOD 

2.1 K-space Pseudo-Spectral Method 
Simulate TRM requires specific features that need to be covered by the numer ical method used to 

resolve the differential equations. It must be possible to operate with arbitrary waveforms, ensuring 
that the signal is not distorted while propagating. This is a limitation for conventional wave 
propagation simulation methods. Both the finite element and finite difference methods have an 
intrinsic difficulty called numerical dispersion. When resolving differential equations it is obtained as 
an unwanted effect a propagation rate that depends on the frequency (11). 

On the contrary, the pseudo-spectral method performs the spectral calculation of the gradient using 
Fourier series which avoids the dispersion produced by spatial discretization. In addition, it allows 
applying a correction in the error committed by the discrete-time jump when working in homogeneous 
media. 

There is an open source acoustic toolbox for MATLAB called k-Wave that implements the k-space 
pseudo-spectral method (12, 13). k-Wave allows developing time domain simulations of acoustic 
waves in one, two and three dimensions using sources with arbitrary time development. This can be 
generated by mathematical expressions (sines, complex tones, noises, etc.), or even emit audio files 
that are previously stored in the computer. The validity of the use of k-Wave in the propagation of 
ultrasonic waves in general and TRM in particular is supported by multiple papers published in the 
area of biomedicine and medical imagery (6, 7), field where Fink developed his principal contributions 
regarding this technique (14, 15). 

The k-space pseudo-spectral method requires the definition of a rectangular grid of points 
representing the simulation space. The minimum spacing between grid elements will be determined by 
the limits of the wavelengths to be simulated (16). By conveniently choosing these values it is possible 
to adequately represent the wavefronts corresponding to the audible range.  
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To ensure the stability of the solutions in the pseudo-spectral method it is necessary to consider the 
CFL (Courant - Friedrichs - Lewy) coefficient described in Eq. (2), which corresponds to the ratio 
between the distance that a wave will advance in an elementary time step Δt and the grid step Δx (17). 

 
(2) 

 
 

2.2 Simulation Settings 
The simulations were performed using a CFL value of 0.3 (12) to present an appropriate 

compromise between precision and computational speed for homogeneous or slightly heterogeneous 
media. The highest frequency valid for the time functions of the simulation corresponding to the 
sources or registers is obtained by Eq. (3), where c is the velocity of propagation. Values of Δx = 20 
mm and c = 343 m/s were considered, obtaining a Δt = 17.5 μs and a maximum frequency of 8575 Hz.  

 
(3) 

 
 

The rectangular grid used as the simulation space was 128 mm x 128 mm x 64 mm, with 20 mm 
steps between grid points. The transducer array consisted of thirty-two sensors, with a total length of 2 
m. The sensors were evenly spaced with a distance of 64.5 mm from one another. 

Based on the classical linear array theory, the frequency limits of the near-field array behavior were 
determined. The distance between elements relates to the upper cut-off frequency while the total 
length of the array determines the lower cut-off frequency. The specified values indicate that the array 
can generate signals between 170 Hz and 2600 Hz.  

The sources used in simulations were located in different locations depending on the test to be 
performed. Impulses were emitted from these sources to capture the response of the system. In order to 
keep the impulse components within the frequency limits of the simulation (fmax=8575 Hz), the 
impulse was processed using a Butterworth filter of order 15 with a cut -off frequency of 8 kHz. The 
pulse duration used was 7 ms to ensure enough propagation time through the simulation space, thus 
guaranteeing the arrival to all transducers (Figure 2). 

 

 
Figure 2 - Time and spectral development of the filtered impulse 

 

3. CTRM WAVEFRONT CONVERGENCE 
In this section, a TRM impulse response is convolved with a signal to probe convergence.  For this, 

a source and the array described in section 2 were used, with the distribution shown in Figure 3.  
The source emits an impulse and a TRM impulse response is recorded by the array. The response 

recorded by each transducer is reversed and convoluted with a signal with three harmonic components 
(300 Hz, 600 Hz, and 900 Hz).  

 

CFL c
t
x

fmax
c

2 x
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Figure 3 - Cut view of the x-y plane with source distribution and transducers array 

 

To simulate the backward propagation stage of the TRM, the functionality of the array's transducers 
was modified to behave as sources and a sensor was placed where convergence is expected. In addition, 
sensors were located at three other points to analyze the differences when the wavefront is recorded at 
other points where convergence is not expected, as shown in Figure 4. 

 
Figure 4 - Cut view of the x-y plane with the distribution of the sensors and the transducers array 

 

Simulation results show a convergent wave at the focal point with the right time order (Figure 5a). 
The recording of the signal at the convergence point maintains the desired waveform. The signal 
recorded by sensor 4, which is shifted back from the focal point, shows a decrease in level as shown in 
Figure 5a, as it is expected considering the convergence point as a virtual source. 

On the other hand, in locations far from the focal point but at the same distance from the array, the 
signal is expected to lose phase coherence altering its shape and level as can be seen in Figure 5b. 

 

 
Figure 5 a - Recording sensor 1 and sensor 4. Figure 5 b - Comparison of records at three different 

locations at equal distances from the array as shown in Figure 4.  
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4. AUDITORY SCENE BY CTRM 
The convoluted time-reversal mirror generates a "virtual" source in the outbound direction with 

respect to the array. Provided that an acoustic impulse is previously registered by the TRM device, a 
"virtual" audio source can be generated at the impulse’s location by convolving the set of reversed 
impulse responses recorded by the array (TRM impulse response) with an audio signal. Since the 
system is linear, it allows the addition of impulse responses belonging to different locations, which can 
be reversed and convolved with audio signals in order to shape the sound field of the auditory scene.  

Figure 6 illustrates the whole process that involves two stages.  The first corresponds to the 
recording of impulse responses for the desired locations, and their subsequen t time reversal process. 
The second requires the convolution of each audio to be located with the corresponding TRM impulse 
response. The sum of the convoluted results emitted simultaneously gives rise to the appearance of 
several virtual sources located at different points. 

 

 
Figure 6 – CTRM process diagram 

 
An auditory scene was simulated using four audios corresponding to a string quartet o f 1second in 

length. Figure 7 shows the selected positions for the musical instruments (for which four sets of 
pre-recorded impulse responses were available).  

 
Figure 7 – Musical instruments positions and listening points of virtual sources  
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To choose the location point of each virtual musical instrument, the audio was convoluted with the 
appropriate TRM impulse response. As a result of back-propagation of wavefront, virtual sources are 
generated. Figure 8 shows the records obtained at two listening points.  

 
Figure 8 – Results of CTRM listening points 

 

5. CONCLUSIONS. 
The results suggest that the use of the TRM technique can be adapted for applications that require 

recreating an auditory scene in a flexible way. The proposed adaptation (CTRM) requires separating 
the process into a recording stage, to have sets of TRM impulse responses related to specific locations, 
and a playback stage that convolves an audio signal with the time-reversal of impulse responses to 
obtain a virtual source. 
   Tests show that a wavefront converging at a point using the CTRM technique produces a signal 
keeping its waveform in focus. Each virtual source generates an auditory field within which the signal 
maintains phase coherence as if there was a real source at the point of convergence. Outside the 
auditory field, the contribution of the various elements of the array tends to cancel each other out. 
There the waves lose phase coherence resulting in an alteration of their shape and a decrease in the 
level (Figure 9).  

The CTRM technique brings another advantage, due to the ability to conserve the source location 
information without knowing what will be the signal to be convoluted. This allows having 
previously-stored different registers of locations to process them freely with new arbitrary signals, 
giving rise to a process of "spatial audio mixing" in which the location and level of the different virtu al 
sources that conform the auditory scene can be freely chosen. 

 

 
Figure 9 – Impact area of virtual source 
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Abstract
Acoustic imaging technique based on microphone array is limited by the size and density of the array, and
the method of the non-synchronous measurements is a way to beyond these constraints. The core problem
of archiving the non-synchronous measurements of microphone array boils down to a matrix completion of a
block diagonal spectral matrix. In this paper, the max-norm minimization is investigated for the spectral matrix
completion. Second, the rank, nuclear-norm and max-norm have been investigated as complexity measures in
the context of spectral matrix completion, and their performances are compared at different frequencies and low
signal-to-noise ratio.

Keywords: Max-norm Minimization, Low-rank Model, Microphone Array Signal Processing

1 INTRODUCTION
Acoustic imaging is an array-based measurement method for sound source location and quantification, which

has been widely applied in the underwater detection, medical imaging and so on [1, 2]. Two well-known

acoustic imaging techniques are Beamforming (BF) and Near-field Acoustical Holography (NAH). Beamforming

is an acoustic imaging technique for medium to long measurement distance. The resolution of BF is inversely

proportional to the array diameter measured in units of wavelength. The array diameter is required very large

at low frequencies, which usually cannot be satisfied. NAH requires short measurement distances, which is less

than half a wavelength. The number of measurement points is supposed to be very dense at high frequency[4].

A way for achieving a large array and high microphone density is to scan the object of interest by moving

sequentially a prototype array (an arbitrary array), which is referred to as non-synchronous measurements [5].

In comparison to a large array and high microphone density array that can acquire simultaneously all the infor-

mation of the spectral matrix, in particular all cross-spectra, non-synchronous measurements can only acquire

a block diagonal spectral matrix, while the cross-spectra between the non-synchronous measurements remain

unknown due to the missing phase relationships between consecutive positions.

The unknown cross-spectra can be estimated by the low-rank matrix completion (MC) techniques [6]. The

rank minimization and the minimization of its convex relaxation, such as nuclear-norm minimization, are core

processes in the MC algorithms. The rank and nuclear-norm are used in the cross-spectral matrix (CSM) com-

pletion problem in Ref. [6, 7] with corresponding cyclic projection (CP) algorithm and FISTA algorithm. It

is verified that the nuclear norm outperforms the rank in the condition of different signal-to-noise ratio (SNR).

Although it is considered that the max-norm performs better than the rank or the nuclear-norm in the theoretical

conditions, there is no analysis of how the max-norm performs in the CSM completion problem. It is noted

that the MC techniques of max-norm in aforementioned investigations cannot be directly used for solving the

CSM completion problem. The max norm minimization algorithm for CSM completion problem is supposed to

be introduced.
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2 ACOUSTICAL SOURCE RECONSTRUCTION FROM NON-SYNCHRONOUS MEA-
SUREMENTS

2.1 Problem statement
The sound pressures are measured by the microphone array, and then the CSM in each measurement can be

estimated. These CSMs can be methodically rearranged in the block diagonal positions of an incomplete CSM.

The scheme of the non-synchronous measurement is shown in Fig. 1. When the CSM is completed, the acoustic

image can be easily reconstructed. With the purpose of implementing the non-synchronous measurements, the

problem is formulated as to seek a full CSM from the CSM of data missing.

0
0

collecting signals
completing 
the matrixmeasuring

Figure 1. Scheme of non-synchronous measurements: the sound pressure is measured with a moving small

microphone array. The collected signals are formulated as a CSM with data missing. The missing elements in

the CSM are estimated.

2.2 The matrix complexity measures
Matrix complexity was introduced in Ref. [8] to analyze the low-rank matrix completion problem. It is indicated

in Ref. [8] that the complexity can be measured by the rank, nuclear-norm and max-norm. The choice of the

complexity measure in the matrix completion problem is highly relevant to the performance of the solving

methods. Thus, the properties of each matrix complexity measure (rank, nuclear-norm and max-norm), and the

relationships of the complexity measures are supposed to be investigated. For a matrix S∈R
m×n, the complexity

measures are defined as below.

1. Rank(S) is the the minimum k such that S = UV∗,U ∈ R
m×k,V ∈ R

n×k.

2. Nuclear-norm ‖S‖∗: ‖S‖∗ :=∑min(m,n)
k=1 σ2

k (S), which is the sum of all eigenvalues values: σ2
1 (S)≥σ2

2 (S)≥
·· ·σ2

min(m,n)(S). And nuclear-norm can also be equivalently written as:

‖S‖∗ = inf

{
∑

j
|σ2

j (S)| : S = ∑
j

σ2
j (S)u jvT

j ,u j ∈ R
m,v j ∈ R

n,‖u j‖2 = ‖v j‖2 = 1

}
, (1)

where the u j and v j denote eigenvectors of the matrix S corresponding to the jth eigenvalue σ2
j .

3. Max-norm ‖S‖max is defined as matrix factorization:‖S‖max =min{‖L‖2,∞‖R‖2,∞ : S=LR∗},L∈R
m×k,R∈

R
n×k, where ‖ · ‖2,∞ denotes the maximum row norm of a matrix: ‖A‖2,∞ := max j(∑ j A2

jk)
1/2 and A jk

denotes the element of A jk at jth row kth column.

2.3 Max-norm minimization
The max-norm is an alternative convex relaxation for the rank in the low-complexity matrix completion prob-

lem, which is considered to be better than nuclear-norm in theoretical cases [9]. It is defined that the M is the
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number of microphones in the prototype array and P the number of non-synchronous measurements. When the

sound pressures p ∈ C
M are measured by the microphone array, the CSM Ŝ(i)

pp ∈ C
M×M of ith measurement can

be estimated. The CSMs Ŝ(i)
pp, i = 1, ...,P (spectral matrices for short hereafter) in non-synchronous measure-

ments are methodically rearranged in the block diagonal positions of an incomplete CSM Ŝm
pp ∈ C

MP×MP. The

data missing CSM completion based on max-norm can be formulated as the following constrained optimization

problem:
minimize

S
‖S‖max

subject to ‖A (S)− Ŝm
pp‖F ≤ ε

‖ΨSΨ∗ −S‖F ≤ ε
S∗ = S � 0,

(2)

1. Object function: ‖S‖max is the max-norm of S.

2. System equation constraint: measurement data fitting is imposed as a constraint ‖A (S)− Ŝm
pp‖F ≤ ε ,

where ‖ · ‖F denotes the Frobenius norm: ‖X‖F =
√

∑i j X2
i j. The difference between A (S) and Ŝm

pp in

Frobenius norm is less than a given tolerance ε that is composed of estimation and measurement errors.

The sampling operator A is defined formally as follows.

Sm
pp = A (S) with [Sm

pp]i j =

{
[S]i j i j ∈ Υ
[S]i j i j /∈ Υ,

where []i j denotes the (i, j) element of a matrix and Υ denotes the positions of fixed block diagonal

entries.

3. Spatial continuity constraint: in order to ensure spatial continuity of the acoustic field, the information on

microphone positions must be encoded in the CSM: ‖ΨSΨ∗ −S‖F ≤ ε , where Ψ = ΦΦ† is a projection

basis (the purpose of this representation is to construct an inner structure of the CSM as a constraint to

solve a matrix completion problem). The Ψ∗ denotes the transpose-conjugate of Ψ, Φ ∈ C
MP×Kp and

Ψ ∈ C
MP×MP, where Kp is the dimension of basis.

4. Hermitian property constraint: S∗ =S� 0, where � denotes positive semi-definite. The Hermitian property

is an inherent characteristic of the CSMs, as well as the fact that its eigenvalues are non-negative.

The object function, the max-norm of the CSM, can be further rewritten as

‖S‖max = minimize
(L,R):LR∗=S

max{‖L‖2
2,∞,‖R‖2

2,∞}. (3)

The formulation (3) of the max-norm is non-convex due to the constraint on the product LR∗. The aforemen-

tioned problem (2) can be rewritten with the max-norm as a regularization term:

minimize
S

‖A (S)− Ŝm
pp‖F +β‖S‖max

subject to ‖ΨSΨ∗ −S‖F ≤ ε
S∗ = S � 0,

(4)

where β is a positive penalty parameter. Let the object matrix S is factorized as S = LR∗. A matrix A
is defined to the matrix of factors stacked on top of one another A =

[
L
R

]
. Thus, it can be obtained that
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‖A‖2
2,∞ = max{‖L‖2

2,∞,‖R‖2
2,∞}. Also let f̃ (A) denote ‖A (S)− Ŝm

pp‖2
F . The original max-norm minimization

problem can be further written as

minimize
S

f̃ (A)+λ‖A‖2,∞

subject to rank(S)≤ d

‖ΨSΨ∗ −S‖F ≤ ε
S∗ = S � 0.

(5)

A constraint of rank is added to accelerate convergence in the above max-norm minimization problem (5). A

proximal-point algorithm can be obtained to solve the max-norm minimization problem (3) based on Ref. [3].

2.4 Simulation
In general, the spatial sampling frequency of the microphone array is governed by the Nyquist Shannon sam-

pling theorem, which declares that the working frequency range of the array is determined by its size and

the microphone density [4]. It is considered according to Nyquist Shannon sampling theorem that the work-

ing frequency must be lower than 1700 Hz in the simulation, or the measurements are invalidated. The matrix

completion error (MCE) and acoustic reconstruction error (ARE) of the three matrix complexity measures versus

different working frequency are shown in Fig. 2. The CSM completion error (MCE) is calculated as

MCE =
‖S{sim}

pp −S{com}
pp ‖F

‖S{sim}
pp ‖F

, (6)

where S{sim}
pp is the true (simulated) CSM and S{com}

pp is the completed one. The acoustical reconstruction error

(ARE) is calculated as

ARE =
‖S{sim} −S{rec}‖F

‖S{sim}‖F
, (7)

where S{rec} is the reconstructed CSM from the completed CSM. Figure. 2 shows that the MCE or ARE of

the three complexity measures are far lower than 1.0 under any working frequency, which indicate that the non-

synchronous measurements make a breakthrough of Nyquist Shannon sampling theorem. The ARE and MCE of

the max-norm are relatively high at low frequency (< 2100Hz), and those of nuclear-norm are fairly low at any

frequency. However, at high frequency (> 2100Hz), the MCE and ARE of max-norm are significantly lower

than nuclear-norm. In other words, max-norm owns superiority at high frequency in the acoustic reconstruction

problem.

High noise is added here to compare the performance of the three matrix complexity measures. Fig. 3 shows

the MCE and ARE of the three complexity measurements versus different frequency. The MCE of the max-

norm are the highest at low frequency (< 2100Hz), while the MCE of the max-norm equals to the MCE of the

rank or the nuclear-norm at high frequency (> 2100Hz). The ARE of max-norm is almost the lowest, especially

at high frequency (> 2100Hz). The robustness of max-norm is better than rank, and nuclear-norm in the case

of noise.

The images of acoustic source reconstruction based on the full CSM and data missing CSMs (completed by

rank minimization, nuclear-norm minimization and max-norm minimization) are shown in Fig. 4. Figure. 4

shows that the results of acoustic image reconstruction based on max-norm minimization is significantly better

than the reconstruction results of the rank minimization and the nuclear-norm minimization at SNR = 20 dB,

which indicates that the max-norm minimization is far more robust to noise than the rank minimization and the

nuclear-norm minimization.
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Figure 2. Reconstruction error versus working frequency without noise: (a) MCE, (b) ARE. Results of rank are

shown by red circles; nuclear-norm by green asterisks. max-norm by blue diamonds.

3 Conclusion
In summary, the max-norm minimization of the acoustic CSM completion problem is investigated in the non-

synchronous measurements. The rank, nuclear-norm and max-norm are compared in the simulation. The results

of the simulation show that the reconstruction errors of each complexity measures are determined by working

frequency. The performance of the max-norm is superior to the rank or the nuclear-norm at high frequency (>

2100Hz).
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Figure 3. Reconstruction error versus working frequency : (a) MCE versus frequency with SNR= 20 dB, (b)

ARE versus frequency with SNR= 20 dB. The results of rank are shown by red circles; nuclear-norm by green

asterisks; max-norm by blue diamonds.
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Figure 4. acoustic source reconstruction based on (a) full spectral matrix, (b) data missing spectral matrix

completed by rank minimization, (c)data missing spectral matrix completed by nuclear-norm minimization and

(d) data missing spectral matrix completed by max-norm minimization. The f = 3000 Hz and SNR= 20 dB.
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distribution on building envelopes 
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ABSTRACT 
A method is proposed for determining traffic noise angular energy distribution on building envelopes using 
the microphone array as a source localization tool. Measurement procedure is presented with the results 
obtained by a nonuniform planar array developed for this purpose with microphone positions optimized for 
traffic noise measurements. The results are obtained in one characteristic urban configuration – a non-canyon 
street. Results are commented and their implications on the in-situ sound reduction index of the façade 
element are explained. The algorithms used for sound source localization are CB in the frequency domain, 
along with deconvolution algorithms DAMAS2 and CLEAN-SC, and their performance is compared. The 
paper addresses the problem of the computational complexity of the algorithms which results in long 
execution times and inhibits measurements on a larger scale. A method for algorithm optimization is 
presented that includes the analysis of key characteristic events instead of an overall noise recording. The 
sensitivity of output results on varying event recordings is analyzed. The goal is to create a time efficient 
measurement procedure which would enable the acquisition of a larger data set covering various urban 
terrain configurations. 
 
Keywords: microphone array, noise angular distribution, traffic noise  

1. INTRODUCTION 
The proposed method for noise analysis in urban areas is motivated by the fact that the part itions 

used as façade elements are located in sound field conditions substantially different from laboratory 
conditions, in which their sound insulation properties are measured and specified. As oppose to the 
diffuse sound field with uniform angle of incidence probability used in laboratory measurements, in 
real scenarios these elements are located in a sound field where the probability of incidence is 
non-uniform and contains prominent directions from which the majority of noise energy arrives.  

ISO standard defines two measurement methods for measuring in-situ sound insulation of a façade: 
global loudspeaker method, and global traffic noise method (1). The loudspeaker measurement 
involves a speaker positioned at an angle of 45±5° to the façade plane, in order to approximate traffic 
noise incidence angles. It was reported (2) that the D2m,nT,w values obtained by these two types of 
measurements differ by up to 8 dB. Among other factors, these differences are certainly influenced by 
the varying angular distribution of noise energy in real situations. 

Microphone arrays are a modern tool that enable the localization of the sound sources. The idea of 
the proposed method is to utilize a microphone array in order to gain an insight into angular 
distribution of noise energy impeding building envelopes in urban environments. Initial research was 
focused on measurements and array signal processing algorithms in order to obtain a valid spatial 
distribution of sound sources. A microphone array was designed specifically for this application (3), 
and measurements were performed in urban environment (4,5). Certain array processing algorithms 
have been used, and DAMAS2 algorithm (6) has been chosen as the main processing algorithm. The 
goal of the research is to determine shapes of noise energy angular distributions specific to certain 
characteristic urban configurations such as canyon and non-canyon streets. Based on these 
distributions, conclusions can be drawn on the expected performances of certain façade elements when 
they are located in different urban configurations. 

                                                        
1 miodragstanojevic@bitprojekt.co.rs 
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The practical realization of measurements and subsequent signal processing proved to be extremely 
time consuming. This fact represents a problem which needs to be addressed in order to enable 
measurements on a larger scale. A large number of parameters which can be varied open a question of 
optimization of the measurement procedure. These parameters include spatial resolution of 
beamforming algorithm, time block length, the content of recorded signals, various algorithm specific 
variables, etc.  

This paper examines a method for optimizing the measurement procedure by reducing the recorded 
signal time by recording and analyzing only specific events instead of a longer ambient recording. The 
goal of the analysis presented in this paper is the recognition of key events happening in a certain urban 
configuration and determining their characteristic shapes. Then, their individual influence on in-situ 
sound reduction index is assessed, and their contribution to the overall angular distribution, which was 
obtained for a longer overall signal recording. 

Next section describes the measurement procedure and microphone array signal processing . 
Results for angular distribution are given for a characteristic non-canyon street configuration in 
section three. The fourth chapter presents the results obtained by reducing the signal length to specific 
events. The influence of this reduction on final results is discussed.     

2. MEASUREMENT PROCEDURE 
The measurements were performed using a microphone array specifically designed for this purpose. 

It is a nonuniform planar microphone array with 24 omnidirectional microphones. The microphone 
array characteristics were optimized for use in traffic noise analysis (7). Figure 1 shows the 
measurement setup. Microphone array is placed parallel to the façade surface at the minimum possible 
distance from the façade. Since planar microphone arrays possess spatial ambiguity, i.e. they have 
symmetrical response in front and back plane, it is necessary to position the array as close to the façade 
as possible, in order to mitigate source “smearing” which would appear in resulting images as a 
consequence of façade reflections. Figure 1 on the right shows the street profile with relevant data for 
calculations, the elevation angles of 110° and 137° correspond to the edges of the traffic lanes and are 
important in the interpretation of the resulting maps. For the measurements presented in this paper the 
center of the array is positioned at 3.2 m, and the distance to the middle of the street is 6 m. In the 
presented scenario, there are no buildings opposite from the façade, hence this configuration belongs 
to the category of non-canyon streets. The street is in a busy urban area with frequent car, bus and 
trolleybus traffic. 

             
Figure 1 – Measurement setup: microphone array on the façade (left), street profile (right). 

The incidence angle and its correlation to azimuth and elevation angles are shown in Figure 2. The 
figure on the left shows the incidence angle Θ defined in relation to the line perpendicular to the façade 
surface. In order to obtain the angular distribution of the incident noise energy, the energy 
contributions for circular rings of width dΘ have to be calculated. The figure on the right shows an 
example of the source distribution map obtained by beamforming algorithms. Since the spatial grid is 
defined by two angles: azimuth and elevation, the resulting map is presented as a two-dimensional 
graph with color coded values for sound source energy levels from different directions. The map 
shown in Figure 2 is hypothetical and shows a uniform distribution of energy. The circles shown on 
this map correspond to the dΘ rings on the left picture.  
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Figure 2 – Incidence angle (left), the procedure for determining probability density function (right). 

The algorithms used for array signal processing are: CB (Conventional Beamformer) (8) and 
DAMAS2 (Deconvolution Approach for the Mapping of Acoustic Sources) (6). The CB algorithm is 
used as a first step in space-time signal processing, and DAMAS2 is then applied to eliminate the 
influence of the microphone array from the resulting spatial map. Other deconvolution beamforming 
algorithms were also examined, but DAMAS2 was chosen as the one giving the most accurate results 
(5). The results presented in the continuation also show the resulting map obtained by the CLEAN -SC 
algorithm (9) for the purposes of comparison. 

3. NOISE ENERGY ANGULAR DISTRIBUTION 
 Figure 3 shows the resulting maps obtained by the three mentioned algorithms. The results shown 

in the Figure correspond to the 1/3 octave band at 1250 Hz. The conclusions drawn here are valid for 
other frequency ranges as well. The range of azimuth angles is from -90° to +90°. And elevation angle 
range is from 80° to 160°. The elevation angle range is reduced, since it was determined that there are 
no major sound sources present outside this region. All three figures contain black lines which signify 
the edges and the middle of the traffic lane. The lines appear curved because it is a two -dimensional 
representation of a half-sphere in front of the façade. The result obtained by CB algorithm is shown in 
the top-left position. Observing this result would indicate a nearly uniform distribution of sound 
energy, with only several directions containing sources of 10  dB higher power. The reason for this is 
the nature of CB algorithm, namely the fact that the results are highly influenced by the microphone 
array beampattern, which unavoidably contains certain sidelobes. This is why the application of the 
deconvolution algorithms is necessary. However, CB algorithm is a necessary first step in every 
deconvolution procedure. The top-right graph in Figure 3 shows the result obtained with CLEAN-SC 
algorithm. This result indicates concentrations of the sound energy in the zones that correspond to the 
traffic lanes, as expected. However, an approximately uniform distribution of the energy is observed in 
other directions, i.e. there is no increase in zones where the reflected sound is expected, such as parked 
cars and pavement. Since the CLEAN-SC algorithm is based on the coherence between the main lobe 
and the sidelobes, and by removing the coherent content, the algorithm will also remove the 
contributions of reflections arriving with a relatively short time delay compared to the direct sound, 
incorrectly identifying them as sidelobe content. The bottom graph in Figure 3 shows the results of 
DAMAS2 algorithm. This result also indicates the majority of the sound energy arriving from the 
direction of the traffic lanes. However, in this result other regions can be observed as well, in which 
there is an increase in sound energy level. These zones correspond to the location where reflective 
surfaces exist, and their levels are approximately 10 dB lower than the main energy regions, which is 
an expected result. 

136



 

 

     

 
 

Figure 3 – Beamforming algorithm results. Conventional Beamformer (top-left), CLEAN-SC (top-right), 

DAMAS2 (bottom) 
 Based on the conducted analyses, the results of DAMAS2 algorithms will be used to calculate the 

probability density function of the noise energy angular distribution. However, CB and CLEAN -SC 
are also important algorithms: CB is the necessary first step in all deconvolution techniques and 
CLEAN-SC algorithm can be used to determine the locations of the primary sources in a source spatial 
distribution plot. For the purposes of comparison, the results obtained by energy summation o f the 
results of all three algorithms are shown in Figure 4 for 1/3 octave band at 1250 Hz.  

  

Figure 4 – Probabilty density functions for three different algorithms. 
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The energy summation is performed as was explained in section 2 and shown in Figure 2. The pdfs 
obtained by the CB and CLEAN-SC algorithms show a relatively uniform distribution for angles larger 
than 20°, with the difference around the incidence angle of 40° where CLEAN-SC algorithm has a 
slight increase. This is the angle which corresponds to the traffic lanes. Both these results would 
suggest a nearly uniform distribution of incidence energy for the angles between 20° and 90° degrees 
which does not correspond to the real situation. The results obtained by summing the DAMAS2 source 
distribution plot, show a highly non-uniform distribution with maximums around incidence angles of 
40° and 68°. These angles correspond to the highest energy contributions from the traffic lanes. It is 
interesting to note that the highest energy arrives at the angle of 40° which approximately corresponds 
to the standard incidence angle used in the global loudspeaker method for measuring façade sound 
insulation.  

 

       
Figure 5 – Sound reduction index based on DAMAS2 results and theoretical distribution sin(2θ). Concrete 

20 cm (left), glass 5 mm (right). 
Figure 5 shows the sound reduction index calculated based on the angular distribution obtained by 

DAMAS2 algorithm and based on a theoretical uniform distribution sin(2θ). The calculations are 
performed for a concrete wall of 20 cm thickness and glass of 5 mm thickness. These two materials 
were chosen, as they are some of the more commonly used façade elements.  The angular distributions 
were calculated based on DAMAS2 results for all frequency bands between 50  Hz and 5000 Hz. Based 
on these distributions sound reduction index is calculated as a function of frequency.  Differences can 
be observed in the sound reduction index compared to the theoretical uniform distribution. These 
differences, for the concrete façade element are up to 12 dB for individual frequency bands. These 
differences lead to a large difference in weighted sound reduction index, and also mean that this type  
of façade will exhibit better sound insulation characteristics than theoretical calculation would suggest. 
In the case of a glass partition, the values obtained by measured pdfs are generally higher than 
theoretical values, except in the region of the frequency of coincidence for glass. This would suggest 
that at these frequencies, the angular distribution of sound energy is substantially different from a 
uniform sound field and favorizes larger incidence angles.  It should be noted that these conclusions are 
valid only for this particular measurement situation – a non-canyon street, with microphone array 
height at 3.2 meters. In order to draw more general conclusions, a more extensive measurements in 
different configurations need to be performed. 

4. MEASUREMENT OPTIMISATION 
As was mentioned previously, signal processing stage is extremely time consuming. The 

deconvolution algorithms are time consuming since they are based on an iterative procedure. In order 
to calculate the probability density functions in all frequency bands for a 30-minute long recording, 
100 hours are needed for computations on a standard PC. If there are any changes that need to be made 
in some of the parameters in order to perform comparative analysis, the computation time this long 
poses a serious problem. This is the reason, why steps are taken to optimize the measurement 
procedure by reducing the computation time. One of the first steps in this analysis is finding means of 
reducing the length of the signal that needs to be processed.  

This analysis is based on the assumption that the overall probability density function observed at a 
30-minute time interval, is a combination of several key pdfs observed for characteristic events such as 
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a car passing by, a trolleybus passing by, ambient hum observed with no characteristic events etc. If 
this assumption is proven correct, it would mean that the measurement time and signal processing time 
can be greatly reduced by recording only those key characteristic events and performing analyses only 
on those recordings, given that all the types of events are known as well and their frequency of 
occurrence in a given situation.  

 
Figure 6 – Probability density functions for different types of events. Cars (left), trolleybuses (middle), and 

ambient sound (right). 
Figure 6 shows the pdfs obtained for recordings of characteristic events excerpted from a 30 -minute 

recording in the measurement scenario presented in Figure 1, in the 1/3 octave frequency range at 
1600 Hz. It can be seen that certain types of events produce similar pdfs. Both traffic events, cars and 
trolley buses have pdfs with energy concentrated in the angular range from 40° to 60°.  This 
corresponds to the energy contributions from the directions of the traffic lanes. The pdfs obtained from 
the recordings of ambient sound, with no events, have maximums for larger angles of incidence.  This 
is an important observation, knowing the fact that the sound reduction index values are lower for larger 
angles of incidence.  

In Figure 7 sound reduction index graphs are shown for two types of façade elements, and three 
types of events. The top row represents the results for concrete wall of 20 cm thickness, and the bottom 
row results for glass of 5 mm thickness. In all graphs black line represents the sound reduction values 
calculated for the overall probability density functions obtained for a 30 -minute recording. The grayed 
area represents the sound reduction index value range for each of the calculated event pdfs.    

  

   

Figure 7 – Sound reduction index calculated based on different events pdf compared to a 30-minute recording. 

Concrete 20 cm (top), glass 5 mm (bottom). 
In the case of a concrete wall, for both types of traffic events, the sound reduction index curve  

calculated for the overall recording is within the range of values spanned by different events, and the 
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largest differences are in the frequency range from 500  Hz to 2000 Hz. However, in the case of 
ambient noise recording, the values of overall curve are outside the range of individual events. Similar 
conclusion can be drawn for glass wall, with the largest differences observed in the case of ambient 
noise recordings. The largest differences in the case of ambient noise recordings for glass elements, 
between the overall curve and curves based on event pdfs are in the range from 2000 Hz to 2500 Hz, 
which is around the coincidence frequency of 5 mm thick glass. As was demonstrated in Figure 6, the 
pdfs for ambient noise recordings have maximums at angles close to 90°, where sound reduction index 
is reduced. This effect results in a large discrepancy in this case. It should be noted though that the 
energy levels for these types of events are generally lower than for traffic types of events, which is the 
reason why these discrepancies have a lower influence on the overall sound reduction curve.  

5. FINAL REMARKS 
The paper proposes a measurement procedure for determining angular distribution of incident noise 

energy in urban environments. The goal of such analysis is to determine specific shapes of 
distributions in characteristic urban configurations such as canyon, non -canyon streets, etc. 
Microphone arrays are used as a tool for determining sound source spatial distribution. It was shown 
that the choice of algorithm for array signal processing significantly influences the final result, and 
DAMAS2 algorithm was chosen as the most reliable. The results for predicted sound reduction index 
based on measured energy distributions show certain differences compared to theoretical values. In 
order to draw more general conclusions, measurements need to be conducted on a larger scale: on 
different locations with different terrain configurations. The measurement procedure and signal 
processing need to be optimized in order to solve the problem of significant computation time needed 
to obtain the results. The idea is presented for reducing the processing time by recognizing key events 
and analyzing only their recordings. This procedure is based on the assumption that the overall angular 
distribution is a combination of individual distributions characteristic for these events. It was shown 
that the value of the sound reduction index depends on the type of sound source. In urban areas there 
are different types of sources (cars, buses, trolleybuses, trams, etc.) which leads to a change in the 
structure of the sound field. The consequence of this is the time dependence of the façade element 
sound reduction index. The influence of a certain type of source is dependent on the concrete terrain 
configuration in which the façade is located, the size of the source, the spectral content of its noise etc. 
This is the reason why the same type of source, such as a car, can result in different distributions, and 
hence different sound reduction index values. This means that the simple summation of results based 
on different types of events will not lead to the same result as the one based on overall recording. It is 
therefore necessary to determine certain correction factors which would take into account the nature of 
different sources and their influence on the general sound reduction index result. Introducing these 
correction factors will be the focus of future research.  
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ABSTRACT
When monitoring critical structures, fatigue fracture, deformations, holes and much more are cases of failure 
which must be detected at an early stage. Changes of the modal parameters (eigenfrequencies, attenuation
ratios, and mode shapes) of the structure give information about the extent and the location of the 
deterioration. Conventional measurement methods (i.e. acceleration sensors, laser vibrometers, etc.) for 
vibration analysis have the disadvantage that they can either "detune" the vibration modes due to their own 
weight and/or require a long measurement time due to punctual measurements. In contrast, the use of a 
suitable microphone array allows the high-resolution acquisition of the entire surface vibration covered by 
the array. Thus, the modal parameters of interest are determined by measuring the pressure fluctuations in 
the near field of the structure. A commercial acoustic camera with 120 microphones (Fibonacci120, gfai tech 
GmbH) is used for this purpose. On the basis of artificially generated failure cases (load fracture, 
inhomogeneities, etc.) on application-oriented, large-area structures, a method for the detection of failure 
cases using a microphone array is demonstrated.

Keywords: Microphone Arrays, SONAH, Modal Analysis

1. INTRODUCTION
The dynamic response of a structure is an important aspect of understanding the structure’s

behavior. Strong vibrations can generate not only unwanted noises but also structural wear and thus 
material weakness. The risk of rupture in structures under load conditions leads to necessary 
understand the structure’s dynamic response when a vibration is present. This can be achieved by 
monitoring the natural frequencies or magnitudes of frequency response functions to detect faults and 
mechanical failures [1]. Typically, experimental modal analysis (EMA) is carried out to obtain the 
modal parameters such as mode shapes, eigenfrequencies, and damping ratios. This consist in applying 
a defined force (e.g by a shaker or an impact hammer) and record the structural vibration response 
using different transducers such as accelerometers and laser Doppler vibrometers (LDV). However, 
the laser scanning of several points can be time-consuming when large surfaces are under study. On 
the other hand, attached external sensors on the structure can "detune" its natural response due to the 
added mass. Thus, recent studies proved that non-contact measurements can be used, especially for 
the analysis of very light and fragile structures [1]. 

This paper is focused on detecting failure cases on large-area structures. The EMA is used to 
determine the eigenmodes by measuring the sound pressure with a contactless microphone array. 
Artificial inhomogeneities (additional mass and notches) are applied to a plate surface to test the 
detection of typical structural failure. In current studies, such as [2], qualitative investigations of the 
determined modes have already been carried out, whereby the used algorithms usually provide 
unsatisfying results. In this study the measured pressure fluctuations are assigned to the surface 
vibrations using the near-field holography method SONAH („Statistically Optimal Near-field 
Acoustical Holography“) [3]. Furthermore, the analyses of the data collected by a commercial 
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microphone array (Fibonacci120 AC Pro, gfai tech GmbH) are carried out with the software 
„NoiseImage“. The Modal Assurance Criterium (MAC) is used to evaluate the change in modal 
shape[4]. The MAC values are usually interpreted as a statistical indicator for the comparability of 
two modal forms.

2. THEORY

2.1 Experimental Modal Analysis
The response of a structure to a punctual force can be described by modal superposition [5].

Considering a plate with mode shapes ( , ) for the eigenfrequencies and modal damping 
ratios , then the transverse displacement of the surface is given by:

( , , ) =   ( , ) ( ,  ) + 2  , (1)

for a harmonic force at position ( , ), generalized mass and angular frequency for all 
modes .

Experimental modal analysis (EMA) is used to find the modal properties ( , , ) in the model 
given in (1). This is done by fitting frequency response functions (FRFs), which are determined from 
the measured force excitation and the measured system response. The modal parameters are estimated 
using the Polyreference Least Squares Complex Frequency (POLY-LSCF) algorithm [6]. The 
POLYLSCF algorithm uses (weighted) least square approaches of multiple-input-multiple-output 
frequency response functions. The stability diagrams determined during the analysis allow an easy 
analysis even of complex systems with highly damped modes and/or large modal overlap. Further 
information on mathematical implementation and validation using experimental and numerical models 
can be found in the work of Peeter et. all [7] and Phillips et. all [6].

2.2 Modal Assurance Criterion
The Modal Assurance Criterion (MAC) is defined as the normalized scalar product of two modal 

vectors , : =       , (2)

where ( ) is the complex conjugate transpose (Hermitian) of a matrix.
The MAC is a statistical indicator that can be used as a measure of the quantitative comparability

of two modal forms. A MAC value of 0 indicates that the modes are not consistent and a value of 1 
represents a fully consistent mode shape [4]. Therefore, the MAC matrix (cross correlation of all 
modes in a given range) obtained by EMA and/or FEA consists of zeros, except in the diagonal where 
the values are close to 1. This least squares-based form of linear regression analysis yields an indicator 
that is most sensitive to the largest difference between comparative values and results in modal 
assurance criterion that is insensitive to small changes or small magnitudes. Under certain conditions, 
such as a stationary, linear system state, the MAC can also be taken as a criterion for the orthogonality 
of the compared modes. However, the MAC values must be interpreted according to the measurement 
situation: On the one hand an insufficient local resolution of two orthogonal mode shapes can lead to 
high MAC values, while on the other hand lower values can be achieved e.g. by noisy measurement 
signals [4].

2.3 SONAH
Acoustic near-field holography describes a method of estimating the sound field on the source 

surface by measuring the acoustic quantities (usually sound pressure or sound velocity) at a small 
distance from the source surface. The requirements on the microphone array when using traditional 
nearfield acoustical holography (NAH) are very high. A uniform microphone arrangement is required, 
where the array covers the entire sound source. In addition, the minimum microphone distance must 
be less than half the wavelength at the highest frequency of interest. However, SONAH does not have
these restrictions: It can not only work with irregular arrays, it also gives good results when the array 
is smaller than the source [3]. The latter is due to the fact that, unlike traditional NAH, the strong 
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spatial window effects do not occur [8].
The publication of Puhle et. al [9] describes, among other things, the mathematical implementation

of two advanced NAH methods such as SONAH and HELS (Helmholtz Equation Least-Squares). In 
addition, Puhle et. al. also qualitative validates the experimentally determined mode shapes from 
acoustic measurements using SONAH and HELS with LDV-measurements. This work continues the 
investigations by concentrating not only on the amplitudes of the calculated surface oscillations, but 
also on the complex amplitude including the spatially distributed phase. Thus, the MAC is used to 
quantify the quality of certain mode shapes using FEM, LDV and SONAH.

3. MEASUREMENT SETUP
The vibration response of a stainless-steel plate (600 mm x 600 mm x 4mm) to a force excitation 

was investigated. The plate was supported by four rubber bands in a metal frame, which were guided 
through corresponding holes in the corners of the plate (diameter 7 mm). Thus, free boundary 
conditions could be realized for the relevant frequency range (100 to 1000 Hz). Using a Shaker-Stinger 
setup (PCB SmartShaker with an integrated power amplifier, model K2007E01), the plate was excited 
perpendicular to the surface, whereby the force was measured using a force sensor (PCB type 208C02), 
see Fig. 1 (left). White noise with frequencies from 100 to 1000 Hz was used as an excitation signal. 
The plate response was recorded by measuring the sound pressure oscillation with a commercially 
available microphone array (acoustic camera "Fibonacci120", gfai tech GmbH). In order to improve 
the signal-to-noise ratio, the measurements were performed in an anechoic chamber. The microphone 
array used is a multifunctional array and is well suited for both SONAH and conventional 
beamforming. Preliminary investigations have shown that the best results can be obtained with a 
microphone distance of approx. 14 mm to the measuring surface, see Fig. 1 (right). The pressure 
oscillations were recorded using a data acquisition system (mcdRec 721B, gfai tech GmbH) with a 
sampling rate of 48 kHz and averaged over 16 seconds. The particle velocity on the surface of the 
plate was determined using the nearfield hologram module of the Noise Image software (gfai tech 
GmbH), which is based on the SONAH algorithm.

Figure 1 – Setup for determination of the plate mode shapes with a commercial microphone array 
(Fibonacci120 AC Pro, gfai tech GmbH) in an anechoic chamber. Left: rubber mounted plate with 

microphone array. Right: Alignment of shaker, plate, and parallel microphone array.

Three measurements were carried out to investigate the effects of a geometric change on the mode 
shapes: 1) plate without changes, 2) plate with simulated fatigue fracture (ca. 2 mm deep and 30 cm
long notch, horizontal on the lower third of the plate) and 3) plate with additional mass (300 mm x 25 
mm x 5 mm brass beam, horizontal on the lower third of the plate).

In a preliminary study [10], the mode shapes were simulated and compared with the results of 
measurements using laser Doppler vibrometry (LDV) and SONAH to verify the measurement 
methodology. Figures 2 and 3 show representative mode shapes determined by FEM (left column), 
LDV (middle column) and SONAH (right column). The normalized amplitude (upper row) and the 
corresponding phase (lower row) of the plate are presented. Both the mode shapes based on LDV and 
SONAH correspond qualitatively well to the values estimated by FEM. It is noticeable, however, 
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Figure 2: Amplitude (top) and phase (bottom) of
mode No 8; FEM (left), LDV 170 Hz (middle),

SONAH 172 Hz (right) [10]

Figure 3: Amplitude (top) and phase (bottom) of
mode No 14; FEM (left), LDV 324 Hz (middle),

SONAH 324 Hz (right) [10]

that the vibration amplitudes in the outer edge of the plate deviate from the LDV results or the 
calculated values, respectively. It can be assumed that this is related to the microphone density 
decreasing with the distance to the center of the plate. However, it should be noted that the phase of 
the vibration mode can be determined with less noise by SONAH than with the comparable LDV, 
whose quality depends strongly on the surface quality.

4. RESULTS
The three different panel designs are compared to assess the suitability of the microphone array 

for error detection based on the mode shapes determined. Due to the minor changes in the geometry, 
only slight shifts of the resonance frequency (<30Hz) in the transfer function between force and 
determined sound pressure fluctuations can be determined. However, it was found that some modes 
are no longer excited by the fix driving point position due to the asymmetric change in geometry. In 
the following, therefore, only the mode shapes that could be determined for all three plate 
configurations are compared.

Figures 4 to 11 show the amplitude (upper row) and phase (lower row) of the mode shapes based 
on SONAH. The columns correspond to the three different plate configurations (from left to right): 1) 
plate without changes, 2) plate with a notch, and 3) plate with an additional mass. The determined 
Auto-MAC values of the presented mode shaped showed exclusively high values in the diagonal, 
which can be interpreted as a strong linear independence from the determined modes. Where the 
changes in the oscillation mode due to the simulated fatigue break (case 2) in the frequency range 
investigated here (100 to 600 Hz) shows only minor changes in the mode shape (see e.g. Fig. 6), the 
additional mass (case 3) shows a more significant change compared to the reference case (case 1). 
Due to the additional mass in the lower part of the plate at case 3, a stiffening occurs, which causes a 
significantly changed mode shape beginning from the 2nd mode shown here (Figure 5, right). Due to 
the horizontal orientation, a higher influence on modes that would have an oscillation node in the 
region of mass can be seen here (compare, for example, Figures 10 and 11).

Figure 4: Amplitude (top) and phase (bottom) of 
the plate mode No 1; Left: 163 Hz (Case 1); 

Middle: 158 (Case 2); Hz; Right: 163 Hz (Case 3)

Figure 5: Amplitude (top) and phase (bottom) of 
the plate mode No 2; Left: 165 Hz (Case 1); 

Middle: 164 (Case 2); Hz; Right: 173 Hz (Case 3)
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Figure 6: Amplitude (top) and phase (bottom) of 
the plate mode No 3; Left: 186 Hz (Case 1); 

Middle: 184 (Case 2); Hz; Right: 196 Hz (Case 3)

Figure 7: Amplitude (top) and phase (bottom) of 
the plate mode No 4; Left: 206 Hz (Case 1); 

Middle: 204 (Case 2); Hz; Right: 237 Hz (Case3)

Figure 8: Amplitude (top) and phase (bottom) of 
the plate mode No 5; Left: 280 Hz (Case 1); 

Middle: 277 (Case 2); Hz; Right: 283 Hz (Case 3)

Figure 9: Amplitude (top) and phase (bottom) of 
the plate mode No 6; Left: 313 Hz (Case 1); 

Middle: 306 (Case 2); Hz; Right: 314 Hz (Case 3)

Figure 10: Amplitude (top) and phase (bottom) of 
the plate mode No 7; Left: 324 Hz (Case 1); 

Middle: 322 (Case 2); Hz; Right: 329 Hz (Case 3)

Figure 11: Amplitude (top) and phase (bottom) of 
the plate mode No 8; Left: 350 Hz (Case 1); 

Middle: 346 (Case 2); Hz; Right: 433 Hz (Case 3)

Figure 10: Amplitude (top) and phase (bottom) of 
the plate mode No 9; Left: 523 Hz (Case 1); 

Middle: 520 (Case 2); Hz; Right: 517 Hz (Case 3)

Figure 11: Amplitude (top) and phase (bottom) of 
the plate mode No 10; Left: 528 Hz (Case 1); 

Middle: 527 (Case 2); Hz; Right: 532 Hz (Case 3)
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Figure 12: MAC-Values by Eq. (2) 
between plate (case 1) and plate with 

notch (case 2)

Figure 13: MAC-Values by Eq. (2) 
between plate (case 1) and plate with 

mass (case 3)

By means of the MAC values according to Eq. (2), the different mode shapes can be compared 
qualitatively. Figures 12 and 13 show the MAC values for the cases 2 and 3, respectively, with respect 
to the plate without modification, case 1 (see Figs. 4 to 11). As expected, the largest values are shown 
on the diagonal. Only the modes 1 and 5 show MAC-values above 50%. It can be assumed that this is 
due to the low microphone density near the edges of the plate, so that the vibration field can no longer 
be resolved high enough to clearly separate the mode shapes. 

In accordance with the previous observations, the MAC values in Fig. 12 show much lower values 
than in Fig. 13, which highlights the much stronger influence of the additional mass on the mode 
shapes compared to the notch.  However, it can be shown that for the first three modes determined in 
this investigation, slight deviations of the MAC values can also be observed for the plate with the 
notch.

5. CONCLUSIONS
It has been shown that with a microphone array using SONAH the eigenmodes of a vibrating plate 

can be quantitatively well estimated. The preliminary investigations [10] showed a good agreement 
between the simulated and LDV vibration modes, both in amplitude and phase distribution. When 
comparing the test cases examined here, the influence of an additional mass on the test structure and
the influence (within certain limits) of a notch from the certain mode shapes could be determined by 
contactless microphone array measurements. 

The changes in the mode shapes indicate, among other things, a stiffening in the area in which the 
additional mass is located. Therefore, comparisons of the specific mode shapes allow conclusions to 
be drawn about the position and type of geometry changes. With an appropriate learned algorithm, 
e.g. via pattern recognition, a control algorithm based on a microphone array could be created, which 
can distinguish between different error or failure cases. The advantage of the microphone array 
measurement technology over the usual LDV-based measurement methods lies in the simplified and 
less time-consuming measurement method, which measures the entire surface of the array. Future 
works are focused on further investigations to fully clarify the limitations of the array design used in 
this investigation.
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Abstract
The sound field in a room is often modeled as a superposition of elementary waves, such as plane or spherical
waves. These wave expansions provide a powerful means to interpolate or extrapolate the sound field within (and
outside) the measurement domain. However, projecting the sound field of a large domain in a room on a planar
or spherical wave base yields a high number of very elemental components. We examine the use of dictionary
learning to find a set of alternative basis functions that are suitable to represent the sound field enclosed in a
room. The resulting dictionary is able to capture the dominant features of the sound field, and represent it using
only a sparse set of functions, the dictionary atoms. In this study, high resolution measurements of the sound
pressure in a room are simulated and used as a training set to learn a dictionary. We analyze the spatial properties
of the learned dictionary, and compare it to simple elementary basis functions such as plane and spherical waves.
Keywords: Sound Field Reconstruction, Room Acoustics, Dictionary Learning

1 INTRODUCTION
Sound field reconstruction techniques often rely on the use of basis functions to represent sound fields. Nor-
mally, elementary wave functions (plane and spherical waves) are employed [1–4]. Representing a sound field
using wave functions make it possible to interpolate the sound field in the measurements area, and even to
extrapolate it outside. Wave functions contain physical meaning regarding the propagation of sound since they
are simple solutions to the wave equation. proof that specific solutions to the homogeneous wave equation can
be approximated by a sum of plane waves [5] with certain guaranties on the quality. However, representing
complex sound fields across large three-dimensional domains, such as rooms, using elementary waves might be
sub-optimal. The number of wave functions required to approximate a sound field increases with the square of
the frequency and characteristic length of the room, e.g. more than 3000 plane waves would be required to
approximate a sound field in a 3×3×3 m volume up to 1 kHz [6]. The ideal modal behaviour of the sound
field in rectangular enclosures at low frequencies makes it possible to assume sparsity, i.e. just a few waves (8
in the case of an oblique mode [7]) are non-zero. Several studies [8–12] make use of the sparsity assumption to
alleviate sampling requirement. However, complex sound fields in real rooms are not sparse. Distributed sound
sources, scattering and diffraction phenomena, and non-rectangular geometries are not well approximated using
a small number of wave functions.

This work aims at presenting a dictionary learning (DL) approach to the problem, where basis functions are
learned from densely sampled sound fields. This data driven method showed promising dimensionality reduc-
tion for similar reconstruction tasks [13, 14]. The so called atoms balance between incorporating inherent infor-
mation from the data into the basis functions while preserving flexibility to sparsely represent complex sound
fields. These basis functions are learned from a data set of local microphone arrays at a single frequency. They
are subsequently used to reconstruct a sampled synthesized sound field at various frequencies and sampling
grids. A plane wave expansion is used as reference model to evaluate the reconstruction quality.

149



4.41m

2.97m

3.31m

evaluation plane, z = 0.28lz

learning plane

Figure 1. The cuboid room geometry in question, with a learning plane at random height (red) and an eval-
uation plane for method comparison (gray) at a fixed height. Dots in the evaluation plane illustrate a regular
microphone grid as it is used for reconstruction input.

2 THEORY
Sparse coding methods enforce sparsity in the elements of the loading vector γ . For a projection matrix A and
a signal x, that writes

min
γ
‖γ‖0, s.t. x = Aγ . (1)

This problem is known to be NP-hard, but can be approximated by greedy algorithms such as matching pur-
suit and thresholding [15]. Alternatively relaxation algorithms such as basis pursuit / LASSO approximate the
solution by smoothing the `0 norm and solve an `1 norm optimization problem [16]:

min
γ

1
2
‖x−Aγ‖2

2 +λ‖γ‖1 , (2)

where λ is a regularization parameter.
Dictionary learning infers the loading γ and the atoms di of a dictionary D. Here, DL is performed as described
in [17], alternating between a sparse coding and a learning stage. The first employs relaxation of the `0 to the
`1 norm for approximation. After initializing a dictionary D, a sparse coding step is performed on the data,
optimizing with respect to γ , with A = D in Eq. 2. Next, all atoms di are optimized one by one, such that
the distance to the data set with nonzero γi coefficients is minimized. With the updated dictionary, iterations
continue from the sparse coding step until defined convergence criteria or maximum iterations are reached.
Subsequently, Orthogonal Matching Pursuit (OMP) is then used during reconstruction of missing data [15].

2.1 Plane wave expansion
The reference case is a plane wave basis, commonly used where maximum flexibility is needed to derive the
sound field. For a given frequency, K wavenumber vectors are sampled from a sphere with radius k = 2π f/c0 =√

k2
x + k2

y + k2
z . Each of these represents a global plane wave, whose complex amplitudes are found during

inference. Thus any sound field could be represented if an infinite number of plane waves were available. Each
mode in a reverberant, cuboid room can be represented by eight plane waves [7]. It follows that the lower
bound of projection sparsity without information loss is given as eight times the modal overlap [4]. With the
projection matrix denoted as H and the residual error epwe, it is

x = Hγ + epwe . (3)
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Figure 2. Top: subset of ten arrays from the learning data set. Bottom: All 20 atoms di=1...20 of learned
complex dictionary D, low to high magnitude from white to black and angle indicated by color overlay.

3 SIMULATION STUDY
3.1 Dictionary learning
Experiments are carried out on synthesized data, using the Greens function for a cuboid, empty and hard-walled
enclosure as a reference. The dimensions of the room are [lx, ly, lz] = [4.41,3.31,2.97] m, with the virtual source
placed in the corner to excite all modes. At a resolution of r, this results in a grid of Nmics = ( lx

r +1)× (
ly
r +1)

microphones in any horizontal cross section. Samples are extracted such that for a array size of P×P, one
side length covers at least one wavelength λ . In total, Nsamples = (lx/r−P+ 2)× (ly/r−P+ 2) sample arrays
constitute the base for DL. The randomly chosen frequency of 403 Hz is about one third octave below the
rooms Schroeder frequency of fS ≈ 2000

√
Trev/V ≈ 500 Hz. This yields Nsamples = 3479 arrays of 19× 19

microphones at 5 cm resolution to cover the whole plane. Ten samples are illustrated in the top row of Fig. 2.
From those the dictionary D is inferred on the zero-mean aligned arrays. All 20 atoms are shown in the lower
rows of Figure 2. The learned atoms seem to include the spatial features present in the training data. They
contain similar spatial variations with zero crossings and maxima as expected for an aperture of size λ 2. D
is overcomplete, containing atoms that show no spatial correlation and appear to be noise. The corresponding
elements in γ are close to zero. This means that the learned dictionary is a good candidate to represent the
training data sparsely. It also indicates that a target size of Natoms = 20 is sufficient.

3.2 Sound field reconstruction
Reconstruction of the sound field in the evaluation plane is carried out using orthogonal matching pursuit (OMP)
for both learned dictionary and plane wave basis, resulting in the corresponding sound pressures pdl and ppwe.
For the global plane wave expansion, a sparse representation of k0 = 30 out of Npw = 4000 Fibonacci-spaced
plane wavenumber vectors is used. The frequency dependent Nmics ×Npw transfer matrix H for the whole
domain is constructed. OMP determines the loading vector γ of length Npw and the aforementioned sparsity.
D represents a local support of size P×P, so that the reconstruction is conditioned in the same fashion as
for the learning step. The sparse coding step for reconstruction of the j’th sample then involves the data
x j,P2 , dictionary DNatoms×P2 , yielding γ is of length Natoms. The whole domain is consequently reconstructed by
overlapping results of Nsamples sparse coding steps.
Figure 3 shows the reconstruction from both methods in the evaluation plane, at the same frequency as the
learned dictionary. The true field in a) serves as a reference for the reconstruction from measurement grid in
d). The resulting pdl and plane wave reconstruction ppwe are presented in b) and e) respectively. c) and f)
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Figure 3. Reconstruction from 192 microphone measurements on a regular grid in the evaluation plane at 403
Hz. All in magnitude dB rel 1 Pa: a) true reference sound field, b) reconstruction using the learned dictionary,
c) residual error between true reference and reconstruction with learned dictionary, d) regular grid sampling the
true reference at 192 microphone positions for reconstruction; e) reconstruction using plane wave expansion, f)
residual error between true reference and plane wave reconstruction

illustrate corresponding error magnitudes.
pdl is close to the true field, both in spatial pattern and magnitude. Visible artifacts relate to the regular spacing
of the grid in d) and the atom shape λ ×λ . This impression is confirmed when inspecting the residual error.
Fig 3 c) contains visible local artifacts at measurement grid points and components of the reference field. These
local variations aside, the error over space is low. ppwe in Fig 3 e) shows hardly any visual differences to the
true reference. The error surface in Fig 3 f) is smooth and seemingly unrelated to the true field, which in fact
can be expressed a superposition of a few plane waves, given this simple geometry. Therefore it constitutes
a strong reference for comparison. Its reconstruction errors originate mainly from discrete sampling of the
wavenumbers and the microphone spacing.
As projection with D only relies on local information within a λ 2 array, it is particularly interesting to monitor
global properties. The mean square relative error is shown for different numbers of microphones in Fig. 4 a).
The number of microphones above which the Nyquist sampling theorem is fulfilled, i.e. a spacing of < λ/2, is
marked as n. While having comparable errors for undersampled data, the dictionary projection pdl converges to
a higher accuracy than ppwe for large Nmics.
Figure 4 b) and c) show the statistics of the original and reconstructed sound fields. Being slightly below
the Schroeder frequency, the comparison to statistical room acoustics theory can at least give an indication of
plausibility. The data follows the theoretical diffuse field pure tone model fairly well. More precisely, this
is expressed by a exponentially distributed mean square pressure [morse1968a] in b) - note the logarithmic
ordinate covering several orders of magnitudes. Likewise the sound pressure level distributions in c) follow the
reference and the model well.
D here has dimensions 20×361 and 3479 coding steps are required for projection, whereas for the plane wave
expansion, only a single coding step is required inverting a considerably larger matrix of dim(H) = (5963×
4000). Anecdotally, reconstruction with the dictionary took 30-100% longer than the projection on a plane
wave basis for the study case. With respect to the larger objective, the question needs to be posed if the
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Figure 4. a): Mean square relative error depending on the number of microphones in the evaluation plane Nmics.
b) and c): Statistics of true and reconstructed sound fields at 403 Hz, mean squared pressure and sound pressure
level, along with the theoretical curve from a pure tone diffuse field model.

learned dictionary is generalizable across different rooms. Transferring the method to measured data, examining
across-frequency flexibility and studying training data representativity will be part of future work.

4 CONCLUSION
A dictionary learning approach to model and reconstruct sound fields from an incomplete data set was intro-
duced. A set of 20 basis functions, i.e. atoms were learned and sufficient to reconstruct sound fields in a cuboid
room. The set formed an overcomplete dictionary, enabling a sparse representation of the training data.
Using the dictionary for sound field reconstruction, accuracies comparable to a plane wave expansion were
reached. While the spatial error average was low, inherent limits in projecting a global sound field on a local
dictionary became apparent in non-smooth reconstruction artifacts. The study indicates that statistical properties
of the sound field are preserved.
It is the same local finiteness of the atoms that can prove beneficial for larger, more complex domains with
a less homogeneous field. The online processing of atom-sized arrays distributes the computational load and
possibly less demanding. That being said, projection on a plane wave basis is faster and suitable for the
particular case of a cuboid room.
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Abstract
Demand for calibration at infrasonic frequencies has emerged in response to earth monitoring problems. The
primary standard for sound pressure is defined through the reciprocity calibration method specified in the Inter-
national Electrotechnical Commission (IEC) Standard 61094-2:2009. This method is based on the use of closed
couplers and is routinely applied by the National Metrology Institutes for a large frequency range; however,
infrasonic frequencies below 2 Hz have not been explored until recently. The acoustic transfer admittance of the
coupler, including the heat conduction effects of the fluid, must be modelled precisely to obtain accurate micro-
phone sensitivity. IEC 61094-2:2009 provides two standardised solutions for the correction of heat conduction.
However, researchers have noted significant deviations between these corrections at low frequencies in plane
wave couplers, indicating that one or both techniques incorrectly calculate the influence of heat conduction. In
this paper, two alternative solutions are proposed. An experiment is also reported, which highlights the limita-
tions of the standardised formulations for acoustic transfer admittance, while also demonstrating the validity of
the proposed alternative formulations at frequencies down to 0.04 Hz.
Keywords: Infrasound, Calibration, Microphones, Reciprocity, Admittance

1 INTRODUCTION
The pressure reciprocity calibration method as specified in the International Electrotechnical Commission (IEC)
Standard 61094-2:2009 [3] is currently used worldwide for absolute pressure calibration of laboratory standard
microphones, and provides the basis for primary measurement standards for sound pressure. This method, which
is based on the use of closed couplers, is routinely applied by the National Metrology Institutes at frequencies
of up to 25 kHz and, recently, down to 2 Hz [4]. While the reciprocity method has been used for a long time to
determine microphone pressure sensitivity over an extended audible frequency range, the demand for calibration
at infrasonic frequencies below 2 Hz has not been identified until recently. This is revealed by the absence
of Calibration and Measurement Capabilities (CMCs) in the Bureau International des Poids et Mesures (BIPM)
database [7] for frequencies below 2 Hz, except for static pressures, for which CMCs have been obtained using
specific techniques such as the pressure balance [13] (see Figure 1).
To perform calibration at infrasonic frequencies, the validity and performance of the pressure reciprocity method
must be examined for this frequency range. In the most usual configuration, the pressure reciprocity method
requires three reciprocal microphones coupled by pairs using a cavity, generally with a cylindrical shape. The
coupler ends are closed by the microphone diaphragms, with one being used as a transmitter and the other one
as a receiver. The product of the microphone sensitivities is determined from electrical measurements and from
analytical calculation of the acoustic transfer admittance of the system. This operation is repeated with three
microphone couples.

(1)paul.vincent@cea.fr
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Figure 1. CMC status from static pressure range to acoustic pressure range.

Calculation of the acoustic transfer admittance is a key aspect of microphone pressure reciprocity calibration.
The acoustic transfer admittance, defined as the ratio of the short-circuit volume velocity produced by the
transmitter microphone to the sound pressure acting on the diaphragm of the receiver microphone has been
extensively explored and discussed considering both influence of heat conduction and viscous losses [5, 6, 8–
12, 14, 16–18]. In particular, the effects of heat conduction is an important issue of the calculation of the
acoustic transfer admittance especially in small closed volumes and at low frequencies where the expansion and
compression processes of the gas are somewhere in between an isothermal process and adiabatic process, or
said to be polytropic process. The IEC Standard 61094-2:2009 [3] provides two formulations for calculation
of the acoustic transfer admittance. These formulations have been revised in the context of the above problem
since the first edition, IEC 327 [2], which was published in 1971. However, significant behavioural differences
between the standardised models at very low frequencies have recently been highlighted; these discrepancies
yield inconsistent calibration results [11, 14].
With the objective of achieving an acoustic primary standard in the infrasonic frequency range, the second
section of this paper proposes alternatives and reports an experimental study in the frequency range of 0.04–
100 Hz. A detailed presentation of the measurement setup and methodology is provided, and the experiment
results are reported and discussed.

2 ACOUSTIC TRANSFER ADMITTANCE: MODEL PRESENTATION
The IEC Standard 61094-2:2009 [3] specifies the requirements for pressure reciprocity calibration of laboratory
standard (LS) microphones and includes models for calculating the acoustic transfer admittance of cylindrical
couplers. In Appendix A of the standard, two formulations for correcting heat conduction under polytropic
conditions are presented:

1. the ‘broadband solution’, which considers both thermal and viscous effects in plane wave couplers and is
applicable to higher frequencies;

2. the ‘low-frequency solution’, which considers only thermal effects for cylindrical coupler assuming uniform
pressure, and which is based on a solution presented by Gerber [9].

Recently, Jackett [11] highlighted significant deviations between these models at low frequencies for plane wave
couplers, indicating that one or both models incorrectly calculate the influence of heat conduction. To realise a
primary standard for the infrasonic frequency range, validation of an appropriate acoustic modelling technique
appears to be an essential preliminary step. The limitations of the normalized models are reported in [19].
Two new theoretical formulation are also presented in [19]: the general alternative low-frequency solution and
the short-term alternative low-frequency solution.
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The acoustic transfer admittance of cylindrical couplers Ya for these models is given by

Ya =
jωV
γP0

[
γ − (γ−1)EP

]
+Yr +Yt , (1)

with V the coupler volume, ω the angular frequency, γ the ratio of the specific heat capacities, P0 the static
pressure under measurement conditions, Yr and Yt the acoustical admittances of receiver and transmitter micro-
phones, respectively. For the general alternative low-frequency solution [19], EP is given by

EP =
+∞

∑
m=0

+∞

∑
n=1

[
8/π2

(m+1/2)2λ 2
n

Fm,n

]
, with Fm,n =

(
1+

λ 2
n R2 +(m+1/2)2π2

(1+2R)2 X2
P

)−1

,

XP =
A
V

1− j√
2

√
αt

ω
,

(2)

where λn corresponds to the zeros of integer-order Jn(x) Bessel function, A is the total internal area of the
cylinder surface (length `, radius a), R = `/(2a) and αt the thermal diffusivity of the enclosed gas. A short-
term Laplace asymptotic development of the previous general solution can also be obtained, which gives the
short-term alternative low-frequency solution [19]:

EP = 1−XP +
πR2 +8R

π(2R+1)2 X2
P +

3
4
√

π
R3−6R2

3
√

π(2R+1)3 X3
P . (3)

3 VALIDITY TEST FOR ACOUSTIC TRANSFER ADMITTANCE FORMULATIONS
3.1 Methodology
The experimental protocol implemented to test the accuracy of the above formulations for the acoustic transfer
admittance was derived from [15] and was based on the pressure reciprocity method. Figure 2 presents an
overview of the measurement system. Two electrical transfer impedances (defined as the ratio of the open-circuit
voltage ur0 of the receiving microphone to the current it through the transmitter microphone) were measured
for a pair of microphones using two cavities of different lengths, hereafter referred to as the short and long
cavities.
The products of the sensitivities Mr and Mt of the receiver and transmitter microphones, respectively, are given
by the well–known equations

MtMr|s = Ze,s Ya,s , and MtMr|` = Ze,`Ya,` , (4)

for the short and long cavities (subscripts s and `), respectively. Here, Ya,(s,`) are the previously defined and
discussed acoustic transfer admittances of the cavities. By considering the microphones as stable during the
experiment, the products of the sensitivities MtMr|s and MtMr|` should be invariant as functions of the cavity,
insofar as the models of the acoustic transfer admittances are perfectly valid. The objective of the experiment
was to test this validity. Therefore, the error estimator δm was defined as the ratio

δm =
MtMr

∣∣
s

MtMr
∣∣
`

=
Ze,s Ya,s

Ze,`Ya,`
. (5)

This ratio should tend towards unity (or 0 dB) for a perfect model of the acoustic transfer admittances Ya,(s,`).
Otherwise, the estimated MtMr depends on the cavity dimensions, so the model is invalid.
During a reciprocity calibration, the electrical transfer impedance is measured using the insert voltage tech-
nique [3] to determine the ur0 of the receiver microphone. The current it through the transmitter microphone is
deduced from the voltage developed across a series-connected capacitor u = it/( jωC), knowing the value of C
(Figure 2). Thus, the electrical transfer impedance is measured based on two voltage ratios, as follows:

Ze =
−1
jωC

ur

ut

u′t
u′r

, (6)
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where ur/ut and u′t/u′r are the ratios of voltages measured at the outputs of the microphone power supply of the
receiver (ur and u′r) and transmitter (ut and u′t ) microphones, respectively, during the main measurement phase
and voltage insertion phase.
A defined measurement process with two cavities is implemented by fixing the following variables: (a.) the
microphone, preamplifier, and conditioner combinations for the receiver and transmitter; (b.) the respective
settings of the conditioners, assuming that both measurement channels are stable.
Here, the error estimator δm is given by

δm =
ur,s/ut,s

ur,`/ut,`

Ya,s

Ya,`
, (7)

where the subscripts s and ` represent the short and long cavities, respectively, in the voltage ratios. Note that
this simplification of the measurement process is of interest in the context of infrasound measurement, as these
measurements are time-consuming.
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Figure 2. Measurement setup: Ê reciprocity setup with microphones, preamplifiers, and sealed sapphire cavity;
Ë static pressure chamber; Ì thermal control area.

3.2 Measurement Setup
As it was essential to perform the experiment in the infrasonic frequency range, i.e., from 0.04 Hz to 100 Hz,
some changes were required to the measurement setup employed in this study. The measurements were per-
formed inside a regulated static pressure chamber (Figure 2) installed in a laboratory with a dedicated thermally
controlled area. This controlled environment was required to avoid microphone instability due to static pressure
and temperature changes. Note that this is particularly important for measurements at infrasonic frequencies for
which very long integration times are required.
The reciprocity system was composed of two microphones and their preamplifiers, which were sequentially
coupled by two sapphire cavities. The transmitter and receiver microphones were two B&K Type 4160 1 inch
microphones, which are usually used for pressure reciprocity calibration (LS1p microphones). Two cavities were
especially designed and manufactured for the purposes of this study: a short (6 mm long) and long (10 mm
long) cavity. Their diameters fit the microphone membranes (18.6 mm) (see Figure 2).
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The cavity lengths were chosen to be sufficiently different to allow measurement of the deviation between the
thermal corrections γ− (γ−1)Ep incorporated in (1) for both cavities. For these cavity lengths, the deviation
of the thermal corrections reached 0.3 dB in the isothermal-adiabatic transition frequency range; this could be
measured with the given reciprocity system accuracy.
The receiver microphone was connected to a B&K 2669-L-004 preamplifier. The transmitter microphone was
connected to a specific preamplifier designed and manufactured for the purposes of this study (Figure 2). The
latter had a cut-off frequency of approximately 0.005 Hz given by a 500 GΩ polarisation resistor, with addition
of a 100 pF capacitance in parallel with the microphone. The output preamplifiers were connected to a 4 chan-
nel B&K Type 2829 microphone power supply. This conditioner was modified by bypassing the high-pass filter.
The signals were digitised by a VTI Instruments CMX09 chassis and an EMX4350 digitiser card. The digitising
system had a negligible noise level compared to that of the signal to be measured. The amplitude and phase of
the signals were computed using a standardised method given in [1].
To avoid acoustic short-circuiting and to obtain a sufficiently high signal-to-noise ratio at lower frequencies,
special attention was paid to the sealing of the reciprocity system. That is, the back cavity vents of both
microphones were sealed and the cavities were designed with gaskets to ensure optimal sealing conditions.
Another reason for sealing the microphones is to simplify the modelling of the microphone acoustic admittances,
which is required for all acoustic transfer admittance formulations. Consequently, complex modelling [14] of
the microphone vent effects at low frequencies is not required, which places the experiment focus on validation
of the thermal effects on the acoustic transfer admittance only. Given the frequency range of interest (lower
than 100 Hz), the microphone admittance (Yt and Yr) is given in its simplest form [3] by

Yr,t =
jωVeq,(r,t)

γre f Pre f
, (8)

where Veq,(r,t) is the equivalent volume of the microphones, and γre f and Pre f are the specific heat ratio and
static pressure at reference environmental conditions, respectively. For a fully rigorous discussion, is should
be noted that the back cavity of the microphone is also subject to thermal effects and its equivalent volume
should be dependent on the frequency when the acoustic behaviour is no longer adiabatic. However, in the
experiment conducted in this study, the equivalent volumes of the LS1p microphones were much lower than the
volume of the smallest cavity (V/Veq,(r,t) ≈ 20). Therefore, these complex effects were assumed to be negligible.

3.3 Measurement processing
As the cavities and microphones are necessarily sealed, the local environmental variations inside the reciprocity
system (i.e., those of the back cavities of the microphones and coupler) have an important effect on its stability.
This is true even if the environment inside the static pressure chamber is controlled.
To overcome this problem, a specific measurement process was implemented, explained in [19].

4 Results and discussion
Figure 3 shows the error estimator δm as defined in (7) as a function of frequency, for the acoustic transfer
admittances derived from the formulations discussed. The uncertainties are mainly due to the repeatability
process. Analysis of the error estimator δm results yields the following findings:

1. If δm does not tend towards zero (unit: dB), the estimated MtMr depends on the cavity dimensions.
Thus, the formulation of the acoustic transfer admittance is invalid.

2. If δm tends towards zero (unit: dB), the estimated MtMr does not depend on the cavity dimensions. Thus,
the formulation of the acoustic transfer admittance is valid.

3. Other unknown and unaccounted for effects somehow compensate for each other by coincidence, for the
chosen coupler sizes. However, such possibility appears to be unlikely.
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Figure 3. Amplitude (unit: dB, upper graph) and phase (unit: degrees, lower graph) of error estimator δm as
function of frequency for four different acoustic transfer admittance formulations.

It is worth noting that, for case (2.), the formulation can be considered as valid provided the cavity lengths
are sufficiently different that the effects under investigation (here, the heat conduction effects) can be measured.
This hypothesis was verified in the present study (see Section 3.2).
It is clearly apparent from Figure 3 that, among the studied formulations, the general alternative low-frequency
solution (1) is the unique valid model in the targeted frequency range (for amplitude and phase). It is also
reminded here that the results for the phase were obtained without applying the environmental correction process
described in the previous section. These results are comparable to those obtained for the amplitude where
the correction process has been applied. The polytropic condition that occurs in the frequency range of 0.1–
10 Hz (for these cavity dimensions) was well corrected by this formulation. The result provided by the general
alternative low-frequency solution was calculated using (m,n) = (100,100) for EP in (2); convergence study
shows results within 0.01 dB for (m,n) = (17,17) at 100 Hz and (m,n) = (2,2) at 0.04 Hz.
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As expected, the short-term alternative low-frequency solution (3) provided a better result than the standardised
‘low-frequency solution’ and ‘broadband solution’. These results highlight the limitations of the current stan-
dardised formulations of acoustic transfer admittance for the purpose of microphone infrasound calibration.

To obtain information on the possible error of microphone calibration using the pressure reciprocity technique,
a method is to present the acoustic transfer admittances relative to the general alternative low-frequency solution,
taken as a reference. As an example, for the standardised ‘low-frequency solution’, the possible errors in the
acoustic transfer admittance, and thus, in MtMr reached 0.1 dB and 0.5 degrees at 1 Hz, and up to 3 dB and
30 degrees at 0.04 Hz. The error in the sensitivity estimation was potentially half these values. Therefore,
traceability to the International System of Units (SI) for current calibrations is possibly incorrect.

5 CONCLUSION
The main motivation of this study was to perform groundwork for future primary calibration of microphones
in the infrasonic frequency range. Therefore, it was essential to verify the validity of the acoustic transfer
admittance formulations for cylindrical cavities at infrasonic frequencies, which are currently standardised and
used for primary reciprocity calibration of microphones.
An experiment performed to test the validity of the formulations discussed in this paper clearly indicated that
the general alternative low-frequency solution (1) is the only valid model among the studied formulations in the
targeted frequency range (for amplitude and phase). From the experiment results, it was also concluded that the
short-term alternative low-frequency solution (3) yields lower errors than the standardised solutions. Finally, the
experiment highlighted the limitations of the current standardised formulations of acoustic transfer admittance
for infrasound calibration of microphones.

In conclusion, the models quoted in IEC Standard 61094-2:2009 are not suitable at low frequencies. The fol-
lowing recommendations can be made for future revision of the IEC standard:

1. The current standardised ‘low-frequency solution’ should be modified by the short-term alternative low-
frequency solution as defined in (1) and (3), as the validity of the former solution is limited at low
frequencies by the asymptotic development of the general formulation of EP, presented in (2).

2. At lower frequencies, where the previous solution is no longer valid, the general alternative low-frequency
solution should be implemented, as defined in (1) and (2).

The findings of this work have implications for calibration of infrasound sensors, which is particularly important
for earth monitoring applications. It would be advisable that in the near future, calibrations of sensors at
infrasonic frequencies through reciprocity method as well as others methods based on closed couplers, such as
the laser pistonphone, take into consideration these recommendations.
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Abstract
The multi-channel Wiener Filter (MWF) is a well-known speech enhancement technique that can be used to
improve speech quality and intelligibility of microphone signals recorded in noisy and reverberant environ-
ments [1, 2]. It is commonly assumed that (i) late reverberation and ambient noise can be modeled as a spatially
diffuse sound field and (ii) the spatial coherence of the remaining noise is known a-priori. Using these assump-
tions, the MWF requires estimates of the relative early transfer functions (RETFs) of the target speaker and the
power spectral densities (PSDs) of the target speaker, the diffuse and the remaining noise. Recently, we proposed
a technique to jointly estimate these quantities by minimizing a model-based error matrix via an alternating least
squares (ALS) method [3, 4]. In this contribution, we present extensive simulation results comparing the ALS
method with a state-of-the-art reference method based on covariance whitening. We demonstrate the effective-
ness of the ALS method in both stationary and dynamic acoustic scenarios by using the estimates in an MWF
and evaluating its noise reduction and dereverberation performance with respect to the improvement in speech
quality. Results show that the ALS method yields more accurate estimates than the reference method, especially
in the presence of strong uncorrelated noise.
Keywords: Multichannel Wiener Filter, Joint Parameter Estimation, Speech Enhancement
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ABSTRACT
Hearing thresholds are usually reported in decibel units, which gives conveniently compressed numbers with 
biological implications. However, the decibel scale causes confusion when in-air thresholds are compared to 
underwater ones. Not only are the reference pressures of the in-air and underwater scales different, but the 
interpretation of the thresholds also depends on whether we assume the ear is detecting the integrated sound 
intensity or squared pressure (that is, if the acoustic impedance difference between the two media should be 
compensated for). Here, in-air and underwater hearing thresholds from the literature on toothed whales, seals, 
marine birds and turtles are compared, both using decibel scales and linear pressure and sound intensity units. 
The interpretation of how sensitive an animal is to sound in air and underwater critically depends on the 
choice of units used to report hearing thresholds. Therefore, great care must be taken choosing the adequate 
units in hearing studies.

Keywords: Hearing thresholds, decibels, in-air and underwater hearing
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ABSTRACT 

Diving birds may spend several minutes underwater during foraging dives. However, surprisingly little is 

known about avian underwater hearing. We do not know their sensitivity or even if they respond to 

underwater sound. To help filling this gap we measured the audiograms of cormorants (Phalacrocorax carbo 

sinensis) and studied their ear anatomy. Wild-caught fledglings were anesthetized and their auditory 

brainstem response (ABR) to clicks and tone bursts was measured, first in an anechoic box in air and then in 

a large water-filled tank with their head and neck submerged 10 cm below the surface. The overall shape of 

their air-audiograms was like that reported for birds of the same size in air. The bandwidth and slopes of their 

audiograms were similar in air and water. However, in air the highest sensitivity was found at 2 kHz, whereas 

it was displaced towards lower frequencies underwater. These results suggest that cormorants have rather 

poor in-air hearing compared to similar-sized birds. Their underwater hearing sensitivity, however, is higher 

than what would have been expected for purely air-adapted ears. A possible reason for the poor in-air 

sensitivity is the special ear anatomy with the central eardrum shaped as a rigid piston like in turtles.     

 

Keywords: Audiogram, Auditory threshold curves, Great cormorant 

1. INTRODUCTION 

In contrast to marine mammals little is known about the underwater hearing capabilities of diving 

birds. Since some diving birds may reach the same depths as marine mammals and experience the same 

potentially harmful anthropogenic underwater noise levels, it is important to obtain information about 

their underwater hearing.  

Cormorants feed exclusively on fish and are known for their impressive foraging efficiency (1). 

During underwater pursuit of prey, they seem to rely mainly on vision, but their visual acuity is very 

low (2). So, they may use supplementary sensory information, for instance auditory information on 

prey movement and possible communication sounds. Therefore, they may be adapted to hearing 

underwater. They may have adaptations that protect their ears during diving and they may have 

adaptations that ensures high sensitivity to underwater sounds. The aim of the present study was to 

compare cormorant hearing in air with that underwater by measuring their hearing threshold curves in 

the two media. 

2. MATERIAL AND METHODS 

2.1 Experimental Subjects 

Since it was not possible to use adult specimens, we collected fledglings from the nest in cormorant 

colonies and used 12 specimens for this study.  

2.2 ABR Recordings 

To measure their hearing threshold curves we used a setup similar to that of Christensen-Dalsgaard 

et al. (3) to record auditory evoked potential supposed to represent auditory brainstem responses 
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(ABR). Subdermal electrodes behind the ipsilateral ear opening (active electrode)  and on top of the 

head (inverting electrode) recorded the ABR-signals referred to ground by an electrode in the neck. 

Stimulus sounds (clicks and 25 ms duration tone bursts) and recorded ABR-signals were created and 

processed by Tucker-Davis equipment as (3). In air the deeply anesthetized birds were placed in an 

anechoic box with their ipsilateral ear 70 cm away from the speaker. In water their heads were 

submerged 10 cm below the water surface 45 cm from an underwater speaker, after subjecting the still 

deeply anesthetized birds to tracheostomy, such that they kept voluntarily breathing during 

measurements.   

2.3 Ear Anatomy 

Outer and inner ear anatomy was investigated by dissecting and photographing the ear under a 

surgical microscope.  

3. RESULTS 

3.1 Threshold Curves 

Threshold curves (sound pressure levels) of the 12 subjects generally had similar shapes but varied 

greatly in sensitivity (ranges 15-30 dB in air and 10-40 dB underwater). Figure 1 shows a 

representative example of threshold curves in air and underwater for a single specimen. In general, the 

low-frequency slopes of the threshold curves were very similar, whereas the high-frequency slopes in 

air were steeper than those underwater and the best frequency in air was at a higher frequency (2 kHz) 

than underwater (1 kHz). However, the lowest threshold was much the same when comparing 

ABR-responses in air and underwater.  

Threshold curves may also be expressed in energy terms (sound intensity levels) by relating the 

dB-values to 1 pW/m
2
 by further subtracting 36 dB from the underwater threshold curves in Figure 1 

(for further explanation of this conversion see e.g. 4).      

 

 

Figure 1 – Threshold curves in air (triangles) and in water (circles) for a single fledgling (individual H). In air 

the dB reference value is 20 µPa, whereas in water it is 1 µPa. To compare threshold curves in air and water 

both have been referred to 20 µPa by subtracting 26 dB from the underwater threshold values (for further 

explanation of conversion see e.g. 4) 
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3.2 Anatomy  

The ear opening was comparatively small and easily compressible, and the ear canal was bent such that 

the eardrum was invisible from outside. The eardrum was difficult to delineate as it appeared very flat and 

thick with the extra-columella covering a substantial fraction of its inner surface.     

4. DISCUSSION 

4.1 Adaptations to Underwater Hearing 

The cormorant threshold curves in air were shaped like those of other diving birds (5) but less 

sensitive (6). In comparison, their underwater hearing thresholds were as good ( expressed as sound 

pressure levels) or better (expressed as sound intensity levels) than those in air. So, although we do not 

know whether cormorants use their underwater hearing to obtain supplementary sensory information 

during pursuit-dive foraging, they definitely have the potential of doing so.  

The anatomy of the outer ear and ear canal could be interpreted to serve as protection of the ear 

during diving. Their surprisingly high sensitivity under water could be caused by an anatomical 

adaptation making the eardrum flat and thick, almost like that  observed in turtles (3). A recent study 

(7) suggests that such a plate-like tympanum is more efficient than a protruding thin membrane in 

coupling sound energy in water to the inner ear. 

5. CONCLUSIONS 

The results suggest that cormorants have rather poor in-air hearing compared to similar-sized birds. 

Their underwater hearing sensitivity, however, is higher than what would have been expected for 

purely air-adapted ears. A possible reason for the poor in-air sensitivity is the special ear anatomy with 

the central eardrum flat and thick, and shaped as a rigid piston like in turtles. 
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ABSTRACT 
Internally coupled ears or for short ICE [1-4], where an interaural cavity acoustically couples the 
eardrums, are an anatomical trait present in more than half of all terrestrial vertebrates. The 
superposition of outside and internal pressure on the two eardrums results in internal instead of 
interaural time and level differences, which are keys to sound localization. Although ICE is primarily 
a low-frequency terrestrial adaptation, the African clawed frog Xenopus laevis is a fully aquatic 
species with a distinct air-filled canal between the ears. In water, the speed of sound is four times that 
in air. Unlike terrestrial animals with ICE, the Xenopus interaural cavity is also medially connected to 
the lungs. By modeling the inflated lungs as a Helmholtz resonator [5], we demonstrate their effect in 
improving hearing in a low-frequency regime, while simultaneously enhancing sound localization in a 
disjoint high-frequency regime, corresponding to the frequency ranges of male advertisement calls. In 
conjunction with its unique plate-like eardrums, we show how Xenopus uses its ICE-like interaural 
coupling to generate considerable internal level differences between eardrum vibrations and thus 
overcomes the challenges of underwater sound-localization. Taken together, the two arguments of 
Helmholtz resonator and plate-like eardrums show [6] the potency of ICE and are interpreted 
accordingly. 
 
Keywords: Underwater hearing, sound localization, Xenopus, phonotaxis 

1. INTRODUCTION 
  Being fully aquatic, the clawed frog Xenopus faces two problems: (i) how to get food and (ii) how 

to find a sexual partner. The food consists of flies that drop onto the water surface during night. The 

frog’s lateral-line system is well suited to localize them. Under water and for far-away sources, 

however, the lateral line system is not effective as its range is of the same order as the frog‘s length. 

Thus sound comes in, allowing for long-range localization. Moreover, what the animal actually hears 

is not the external interaural time and level difference, ITD & ILD, but the internal time and level 

difference, iTD & iLD, which result from the internal coupling; cf. Fig. 1. ICE has two distinct modes 

of operation. First, increase of the time difference that the animal actually perceives in a 

low-frequency range by a factor of about 4. The precise value depends on the properties of the 

eardrum and the interaural cavity volume [3,4]. The iTD plateau ends at (typically) 500–700 Hz. Since 

water has a sound velocity that is four times that in air and the interaural distance is small (cm), iTDs 

are not a feasible means of sound localization. Second, just above the eardrum’s fundamental 

frequency f0 there is an outspoken iLD maximum for directions ±90o. It may be as large as 15-20 dB. 

Of course straight on gives iLD = 0, whereas ILD ≡ 0 for whatever direction. 
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Figure 1: (Left) Middle ear cavity in Xenopus, which is the interaural canal (IAC) plus left and right 

tympanic cavities (TC). (Middle) Schematic diagram of air filled cavities in a submerged Xenopus. 

The two tympanic cavities taper into a shared Eustachian tube or IAC, which is medially connected to 

the lungs (L) through a recess (R) in the roof of the mouth. LAR denotes the larynx and is not relevant 

to our present discussion. Plots adapted from Christensen-Dalsgaard and Elepfandt [7] 

(Springer-Verlag, by permission). (Right) ICE model schematic for the air-filled cavities in Xenopus 

based on the left two figures. The rigid, circular, cartilaginous tympanic plates (dark/blue) at far left 

and right are suspended in a flexible annular outer membrane (red). The shallow TC have a distinct 

taper in a direction away from the tympanic plates and are connected through a narrow IAC. The lungs 

(LUN) are represented by a single volume connected medially to the interaural canal (IAC) and 

function as a Helmholtz resonator []. Both the tympanic plates (instead of eardrums) and the lungs as 

Helmholtz resonator are the keys to understanding Xenopus’ underwater hearing while exploiting ICE. 

2. RESULTS 
  Male calls attract females and their localization is through amplitude differences. That is, through 

determining iLD generated by ICE. It is known that the calls have two frequency centers, around 1.0 

and 1.7 kHz. Figure 2 shows the effect of ICE 

 

 
Figure 2:  Experimentally measured (filled triangles) and model vibration velocities (solid and 

dashed lines) of the Xenopus ipsilateral (left) and contralateral (right) eardrum underwater. The 

eardrum vibration velocities have been measured [7] by using laser vibrometry and have been 

normalized w.r.t. the input pressure. The solid (red) line corresponds to inflated lungs with a total 
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volume VH = 1.5 cc and the dashed (black) line corresponds to the case VH = 0 cc, i.e., absent or fully 

deflated lungs. The sound-source direction is ±90o. There is a maximum at about 1 kHz and an 

outspoken difference between ipsi- and contralateral only at 1.7 kHz, which is needed for sound 

localization. As both plots show, the experimental results can be explained only with inflated lungs 

that perform a Helmholtz-resonator function. 

3. CONCLUSIONS 
  Figure 2 actually shows three things. First, without inflated lungs one cannot explain the 

experimental data. Second, clawed frogs exhibit an outspoken auditory sensitivity around 1.0 kHz, 

which facilitates noticing a sexual partner. Third, only around 1.7 kHz do we see a clear difference 

between ipsi- and contralateral response; that is, an outspoken iLD (of about 18 dB), which allows 

decently precise localization of a sound source by turning the head. After all, mating needs no narrow 

time window.  

 

  Finally, why does Xenopus use a rigid plate as eardrum? A rigid plate absorbs [6] more power than 

a flexible eardrum near 1 kHz both in water and in air (for rare peregrinations from one pond to 

another one), whereas the flexible membrane only peaks [6] below 400 Hz. This suggests that the 

Xenopus eardrum is adapted to improve hearing around 1 kHz in both media; cf. the fictitious frog 

Xenopus2 [6].  

REFERENCES 
1.  J.L. van Hemmen, J. Christensen-Dalsgaard, C.E. Carr, and P.M. Narins, Biol. Cybern. 110(4), 

237-246 (2016); review of ICE 

2.  C. Vossen, J. Christensen-Dalsgaard, and J.L. van Hemmen, J. Acoust. Soc. Am. 128, 909–918 

(2010) 

3.  A.P. Vedurmudi et al., Phys. Rev. Lett. 116, 028101 (2016) 

4.  A.P. Vedurmudi, B.A. Young, and J.L. Hemmen, Biol. Cybern. 110(4–5), 359-382 (2016) 

5.  A. Hirschberg and S. Rienstra, An Introduction to Acoustics (TU Eindhoven, Netherlands, 2004), 

pp. 103-105 

6.  A.P. Vedurmudi, J. Christensen-Dalsgaard, and J.L. van Hemmen, J. Acoust. Soc. Amer. 144(5), 

3010-3021 (2018) 

7.  J. Christensen-Dalsgaard and A. Elepfandt, J. Comp. Physiol. A 176(3), 317-324 (1995) 
 
 

170



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Effects of traffic noise, land use types and ecotones on the 
distribution of resident birds in a natural reserve in the Ruhr area, 

Germany 

Philipp ANTONIOU1; Dr. –Ing. Bryce LAWRENCE2 
1 Technical University of Dortmund, Germany 
2 Technical University of Dortmund, Germany 

ABSTRACT 
While being one of the most densely populated and formerly heavily industrialized regions of Germany, the 
Ruhr area still offers space for many diverse ecosystems whose preservation is regulated by law. Nevertheless 
auditory impairments, especially by traffic noise and due to spatial restrictions are likely. This study examines 
acoustic effects of traffic noise on the spatial distribution of birds in a natural reserve being in close proximity 
to two roads with heavy traffic. Furthermore the effects of the land use and transition zones between two land 
uses (ecotones) on avian distribution were evaluated. To answer the posed research questions sound 
measurements were taken throughout the whole natural reserve and analyzed utilizing five acoustic indices. 
The results of the indices were used in a statistical analysis to investigate correlations between the distance 
to roads and the amount of biophony as well as differences between various land uses and ecotones.  
Methodological insights regarding the use of acoustic indices, correlations between the distance to roads and 
the amount of biophony, as well as significant differences between acoustic environments recorded in 
different land use types were found. 
Keywords: Soundscape, traffic noise, biophony 
 

1. INTRODUCTION 
 

The aim of the present work is to investigate factors influencing the distribution of bird  
vocalizations in natural and protected areas using the example of the nature reserve 'Im Siesack' using 
acoustic indices. The factors considered to explain vocalizations are time, land cover type (including 
the transition areas between land uses) and distance to roadway. Given the scope of the study, it was 
not possible to analyze the effects of other factors (such as distance from nearby villages, or wildlife 
population characteristics) and apply further analysis to understand explanatory power of many factors.  
Rather, the focus of the study was limited to the effects of roadways and land cover on the acoustic 
environment and content of biophonic sound in German nature reserves.  The determination of the 
influence of traffic noise on nature conservation areas is of particular relevance in the densely 
populated Ruhr area, as many nature conservation areas are located in the immediate vicinity of busy 
traffic routes. According to Section 23, Paragraph 2 of the Federal Nature Conservation Act, "all 
actions that could lead to the destruction, damage or alteration of the nature reserve or its components 
or to a lasting disturbance (...) are prohibited". Accordingly, it must be determined to what extent the 
natural acoustic environment of the study area is altered by the noise of the adjacent roads. The 
acoustic environment can in turn be used to draw conclusions about the distribution of birds and the 
species diversity. In addition, the influence of land use on the acoustic environment will be determined 
in accordance with Pijanowski et al. (1) in order to identify connections between the natural 
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environment and the composition of the acoustic environment. Of particular interest are the ecotones 
as transition zones between two land uses. 
 

Farina et al. define the term soundscape and its components geophony, biophony and anthrophony 
as follows: "The soundscape can be defined as every sound produced by any abiotic and biological 
component of an ecosystem (geophonies and biophonies, respectively) together with anthropogenic 
sounds (anthrophonies). It is thus the result of the energy released by both natural processes and 
human technologies (2)." The geophony was represented in the study area mainly in the form of wind, 
the biophony was formed almost exclusively by bird vocalizations and the anthrophony is dominated 
by the traffic noise of the two adjacent major traffic routes. Acoustic indices were used to analyze the 
acoustic environments. Acoustic indices are automatically calculated and represent, among other 
things, the relationship between biophony and anthrophony as well as characteristic properties of the 
acoustic environment such as its acoustic diversity (3). 

 

2. STATE OF RESEARCH 

2.1 Influence of noise on bird vocalization and habitat distribution 
 
Numerous studies have already investigated the influence of noise on the distribution of birds. 

Particularly noteworthy is Garniel et al. (4), whose systematic study of 132 bird species forms the 
basis for the legal regulations on the consideration of bird habitats in road construction projects (5). 
It was found that for some species, such as the Little Bittern, at a critical sound level (52 dB(A)) 
habitats are completely devalued, while other species such as many birds of prey are almost 
completely insensitive to road noise (5). Experimental studies by McClure et al. show a decline in the 
number of species by a total of 25% along a noise gradient of 44 - 51 dB(A) at a linear noise source 
(6). In addition to the influence on the absolute number of species and species composition as 
described above, it has also been demonstrated that noise changes the behaviour of birds and in 
particular the timing, frequency, level and redundancy of their vocalization, which in turn can affect 
reproduction success (7). 

 

2.2 Influence of land use and ecotones on the spatial distribution of bird 
vocalizations 

 
The influence of land use on the acoustic environment was investigated by Pijanowski et al. ( 1). 

The study shows that the acoustic environment of forested areas shows characteristics associated with 
biophony to a greater extent than agricultural or urban areas. It should be noted, however, that the 
biophony can be composed not only of bird vocalizations but also of insects, which is not the case in 
the present study. With regard to the influence of margins or ecotones on species diversity, Walz 
describes that they have a clear influence on species diversity and composition. Studies in agrarian 
areas in Saxony-Anhalt show that the diversity of species in the margins is up to twice as high as in 
surrounding areas (8). 
 

3. METHODS 

3.1 Study site 
 
The study area was selected according to the following criteria: It had to be a natural area with 

several types of land use, protected as a nature reserve and in the immediate vicinity of major tr affic 
routes. The nature reserve 'Im Siesack' fulfils these criteria. It covers almost 170 ha and has a very 
heterogeneous landscape structure. The main components are arable land (17% of the total area), bush 
and grassland (18%), meadows and pastures (20%) and woodland (30%). The area was designated a 
nature reserve due to its high biodiversity and structural richness (9). It is also in the immediate 
vicinity of a motorway (called BAB 2) and a country road with heavy traffic (called L 609). According 
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to the environmental noise mapping of the Ministry for the Environment, Agriculture, Nature 
Conservation and Consumer Protection of the State of North Rhine-Westphalia, the traffic noise 
exposure of the area lies between 60 and 70 dB(A) above a 24-hour level in the north and west of the 
nature reserve (10). In addition, an industrial site is located directly south of the nature reserve, but it 
does not emit any significant noise emissions. Due to the limited accessibility of numerous open land 
and forest areas used as pastures, the study area was narrowed down after a first measurement run. 
Figure 1 shows the study area, the narrowed-down study area and the location of the traffic routes.  

 

 

 
 

3.2 Soundscape recordings 
 
All measurements were carried out at the end of September in a total of three measurement cycles. 

Due to new insights during the conduct of the study, the methodology of the measurements varie d.  
 First measurement cycle: A grid of 128 points with a constant distance of 115 m to each 

other was created in ArcGIS. Due to the limited accessibility, however, measurements could 
only be carried out at 102 points. The measurements took place between 12:00 and 16:00 in 
order to ensure a constant traffic load during the entire measurement period. The duration of 
each measurement was five minutes.  

 Second measurement cycle: Because of the low song activity of birds at the time of the first 
measurement, the second measurement was performed between 06:50 (sunrise) and 9:30. In 
order to make optimum use of this short period, the measurement time was reduced to three 
minutes and the measurements were carried out on the numerous paths of the study area that 
cross the study area evenly. The distances between the measuring points were 100 m. 31 

Figure 1 – Overview of the study area and the traffic routes (L 609, BAB 2) in the surrounding area. The 

study area is marked in pink, the narrowed-down study area is marked in white (Source: the author's own 

compilation based on the Web Map Service 'DOP NRW' by: Land NRW (2019) Datenlizenz 

Deutschland - Namensnennung - Version 2.0 (www.govdata.de/dl-de/by-2-0))
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measurements were taken. This was a test of the extent to which the measurements deviated 
from the first run. 

 Third measurement cycle: Due to the positive results of the second measurement cycle, the 
recording times and lengths were retained during the third measurement cyc le and the 
measurements were carried out in the narrowed-down study area. According to a modified 
approach of the 'sampling by land use category' by Brown and Lam (11), the 72 measuring 
points were mainly aligned with the edges of the land use patches, supplemented by 
measurements in the geometric center of each land use patch.  
 

3.3 Data analysis 
 
The software 'Rstudio' was used to calculate acoustic indices for the 204 usable recordings. The 

following indices were calculated: 
 Acoustic Complexity Index (ACI): Calculation of the variability of sound intensity. The 

higher the ACI, the higher the proportion of biophony in the acoustic environment.  
 Acoustic Diversity Index (ADI) and Acoustic Evenness Index (AEI): Splits the acoustic  

environment into frequency bands and applies the Shannon Index (ADI) or Gini Index (AEI) 
to them. The higher the proportion of biophony, the greater the diversity and the lower the 
evenness. 

 Bioacoustic Index (BIO): The BIO is a function of the sound level as well as the frequency 
ranges occurring and exclusively reflects the degree of biophony in the recording.  

 Normalized Difference Soundscape Index (NDSI): The ratio between biophony and 
anthrophony is calculated, whereby anthrophony is defined as components of the acoustic 
environment with low frequencies and biophony as components of the acoustic environment 
with high frequencies. (3) 

 
The distribution of the index values determined over the study area is graphically displayed using 

a heat map in order to be able to recognize patterns.  
 
In the following step, the determined index values were statistically evaluated using the software 

SPSS. For this purpose, the distance of each point to the L 609 and the BAB 2 was calculated using 
ArcGIS and each point was assigned a land use. The land use categories used were kept non-detailed 
in order to ensure that the sample size was as large as possible for each category. The data was checked 
for normal distribution using the Kolmogorov-Smirnov test. The Spearman's correlation test was used 
to answer the question as to whether the values of the index changed as a function of the distance to 
the traffic routes, based on Pieretti et al. (1). The Kruskal-Wallis test was used to answer the question 
of the extent to which the index values differed significantly depending on land use (based on Liu and 
Kang, 13). 

 

4. RESULTS 

4.1 Spatial distribution of index values 
 
Figure two (left) shows the distribution of the NDSI as determined in the first measurement cycle. 

It can be clearly seen that in the areas which are closer to the traffic routes, the values are significantly 
lower and thus more strongly influenced by anthrophony than in areas further away from traffic routes. 
The environmental noise mapping of the MUNLV NRW as shown on the right side of figure two shows 
a similar pattern but differs regarding the degree of traffic noise impact by the L 609 and BAB 3 . In 
contrast to the NDSI, the graphical representation of the distribution of the ACI, ADI, AEI and BIO 
show no clear dependence on the distance to the traffic routes or the land use. Only trends are 
discernible: Figure three shows that the linear woods between the fields in the south of the study area 
have higher (or in the case of the AEI lower) values for the ADI, AEI, BIO and NDSI than the fields 
themselves and can therefore be assumed to have a more pronounced biophony.  
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Figure 3 – Distribution of the index values in an agricultural area in the south of the study area; third 

measurement cycle (Source: own research) 
 
 
 
 
 
 
 

Figure 2 – Distribution of the NDSI during the first measurement run in comparison to the environmental 

noise mapping of the MUNLV NRW 2017 (Source: own research; Web Map Service 

‘Umgebungslärmkartierung NRW’ and ‘DOP NRW’ by: Land NRW (2019) Datenlizenz 

Deutschland - Namensnennung - Version 2.0 (www.govdata.de/dl-de/by-2-0))
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4.2 Influence of traffic noise on the acoustic environment and the spatial distribution of 
bird vocalizations 

 
The following table shows the results of Spearman's correlation test. Only statistically significant 

results (significance level > 0.05) are presented.  
 
 
 

 

Table 1: Significant Spearman's correlation coefficients of the three measurement runs (Source: own 

research) 
 
 
The calculation of the indices was carried out with the following parameters:  

 ADI, AEI: Division of acoustic environments into 1,000 kHz wide frequency ranges 
 ADI2, AEI2: Division of acoustic environments into 100 kHz wide frequency ranges  
 BIO: Definition of biophony as the frequency range between 2,000 - 8,000 kHz ranges 
 BIO: Definition of biophony as the frequency range between 3,000 - 11,500 kHz ranges 
 NDSI: Definition Anthrophony: 1,000 - 2,000 kHz; Biophony: 2,000 - 8,000 kHz ranges 
 NDSI2: Definition Anthrophony: 1,000 - 3,000 kHz; Biophony: 3,000 - 8,000 kHz ranges 

 
 
The graph of the NDSI distribution and the corresponding Spearman's correlation coefficient show 

that the greater the distance to the roads, the more anthrophony decreases. Consequently, the 
relationship between anthrophony and biophony also changes across the study area. However, due to 
the fact that the BIO does not correlate with the distance to the roads in the expected way, it can be 
concluded that the intensity of the biophony is not significantly influenced by traffic noise. Traffic 
noise therefore decreases with increasing distance from the traffic routes, but the biophony does not 
increase. Concerning the degree of acoustic diversity, no such clear correlations as with NDSI could 
be found, but the weak to moderate correlations of ADI and AEI with the distance to the BAB 2 in the 
second and third measurement cycle indicate that the distance to traffic routes influences the 
distribution of birds. However, this is only one of many factors and the influence of traffic noise is a 
minor one. 

1st Measurement run 2nd and 3rd Measurement run 

 Distance 
L 609 

Distance 
BAB 2 

 Distance 
L 609 

Distance 
BAB 2 

ACI 0,204 - ACI -   - 

ADI  - - ADI -  0,327 

ADI2 -0,274 - ADI2 -  0,346 

AEI 0,392 - AEI 0,260 -0,195 

BIO -0,265 - BIO -0,340  - 

BIO2  - - BIO2 -0,274  - 

NDSI 0,608 - NDSI 0,304 0,529 

NDSI2 0,600 - NDSI2 0,348 0,551 
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4.3 Influence of land use and ecotones on the acoustic environment and the spatial 
distribution of bird vocalizations 

 
To determine the influence of land use, all points were divided into four land use categories:  
 

 1: Field, meadow, pasture (n = 53) 
 2: Small-scale woodland (n = 41) 
 3: Ecotones (n = 35) 
 4: Forest (n = 53) 

 
Points that could not be assigned to any of the four categories were not used. Figure four shows 

the results of measurement cycles two and three for the various land uses.  Clear differences between 
the different land uses are visible: fields, meadows and pastures tend to have low values (or higher 
values in the case of the AEI), forests have high values, small-scale woodland and ecotones occupy 
an intermediate position. At measurement run one, less clear differences could be observed due to the 
lower biophony, possibly because of the time of day. 

 
 

 
 

Figure 4 – Results of measurement cycles two and three, sorted by land use (Source: own research) 
 
The Kruskal-Wallis test shows that there are significant differences between varying land use types 

regarding the ACI, AEI, BIO, NDSI and NDSI2 for the first measurement cycle. This is the case for 
the ADI, ADI2, NDSI and NDSI2 for the measurement cycles two and three. A correlation between 
land cover types and indices was not considered in this study but is recommended in future similar 
studies to determine if land cover type or roadway noise have more relationship to the acoustic 
environment. 
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5. CONCLUSIONS 
 

The results of this study demonstrate that the distance to disturbance sources influence the values 
of (bio)acoustic indices and thus most likely the distribution of bird vocalizations in the nature reserve 
'Im Siesack'. They also show that the surrounding traffic routes and especially L 609 emit noise into 
the nature reserve. Furthermore, the variation of the acoustic indices depending on the land use 
indicate a relationship between the land use or even avian habitat structure and the acoustic  
environment in the study area. Nevertheless, there is a large number of factors that influence the 
distribution of bird vocalizations that has not been part of this study. Garniel et al. ( 4) provide a good 
overview of these influencing factors. Methodological insights were also gained. For example, 
changes in the parameters with regard to the frequency ranges used to calculate the indices may have 
a significant effect on the results and should be adapted to the specific conditions of the study area. 
In addition, it was recognized that the results from Pijanowski et al. (1) could be partly reproduced 
with a short recording time and a simplified approach adapted to the terrain when determining the 
measuring points. In this respect, an initial overview of the biophony and noise in a protected area in 
the sense of the 'Rapid Acoustic Survey for Biodiversity Appraisal' (14) could be obtained. 
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ABSTRACT 

Giant pandas have a broader hearing range than humans and have higher sensitivity in different 

frequency bands. Giant pandas are known to become stressed when subjected to undesirable noise , 

therefore noise which humans may deem unobtrusive has the potential to cause stress in giant pandas. 

As giant panda breeding programmes are taking place in zoos throughout the world it is important to 

understand the impact that anthropogenic noise has on these mammals and  how it affects their 

wellbeing. This paper discusses the adaptation from international standards on noise to appropriately 

address the impact from construction site noise on giant pandas.  

1. INTRODUCTION 

As part of an animal welfare and conservation breeding programme by The Royal Zoological 

Society Scotland (RZSS) at Edinburgh Zoo, a series of acoustic assessments have taken place to 

determine the impact that a neighbouring construction site may have on the giant pandas (Ailuropoda 

melanoleuca).  The results from the analysis will be used to determine the impact on several noise 

sensitive animals; however, this document only considers the impact on the giant panda species. The 

results of this assessment will also be used to inform design considerations for fu ture enclosure design 

for noise sensitive animals.  

2. PREVIOUS ASSESSMENTS OF NOISE IMPACT ON HUMAN AND ANIMAL 

WELLBEING 

The scope and magnitude of anthropogenic noise pollution are often much greater than those of 

natural noise and are predicted to have an array of deleterious effects on wildlife [Kight and Swaddle, 

2011]. It has been shown that noise can lead to DNA damage, alterations in gene expression and 

changes to a myriad of cellular processes related to appropriate neural, developmental, immunologica l 

and physiological functioning [Kight and Swaddle, 2011]. In addition, previous authors have 

discussed ways in which noise can impact animal behaviour and community ecology [Francis et al. 

2009; Barber et al. 2010].  

However, studies on the effects of noise on the wellbeing of animals have had variable results 

[Powell et al., 2006]. Studies of captive and free living non-human mammals have uncovered only 

mild or temporary effects [Krausman et al., 1998; Owen et al, 2004].  Studies have also shown that 

when interpreting results from aircraft noise on wildlife, difficulties can arise because of 

species-specific sensitivity to noise and challenges in separating the effects of acoustic and visual 

stimuli, along with difficulties in interpreting species specific behaviour responses [Kempf and 

Hueppop, 1996]. Studies have also concluded that animals can apparently adapt to high noise exposure 

and that noise is a less important disturbance than visual stimuli [Reijnen et al., 1995]. Noise is 

associated with changes in song characteristics [Ill'chev et al., 1995], decreases in reproduction and 

density [Reijnen et al., 1995, 1996, 1997; Forman and Deblinger, 2000], and reduced feeding and 

weight gain [Esmail, 1997] in some bird species whereas other bird species seem to be unaffected or 

only temporarily disturbed by ambient noise [Delaney et al., 1999]. Whether or not environmental 

noise has a negative impact on welfare probably depends on a variety of factors including individual 
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and species differences.  

Human children exposed to chronic, loud ( > 60 dB) noise show a lack in motivation when 

exposed to problem solving puzzles, higher systolic blood pressure, greater heart rate reactivity to 

acute stressors, higher overnight cortisol levels, report more stress symptoms, and show significant 

decreases in quality of life [Evans et al., 2001]. 

In giant panda species, ambient noise has been shown to have long-lasting effects on stress 

indices; where days characterised by louder levels of noise were associated with increased locomotion, 

restless manipulation of the exit door of the enclosure, increased scratching and vocalizations 

indicative of agitation, and/or increased glucocorticoids excreted in urine [Owen et al, 2004]. For the 

giant panda, vocalizations are typically emitted in proximity to conspecifics and studies suggest that 

information is likely encoded in a number of different frequency ranges of the panda hearing curve 

[Owen et al, 2016] and therefore the broadband spectrum of Panda hearing (0.1 kHz to 70 kHz) is 

important for reproduction of the species [Kleiman and Peters, 1990]. The ability to discriminate 

between fine-scale differences in vocalizations is important for successful reproduction (Charlton et 

al., 2011, 2010a, 2009b) as there is a unique vocalization which pandas use to validate intromission 

[Keating, 2011] and therefore noise should be carefully managed during reproductive periods [Owen 

et al, 2004]. A comparative graph of Panda hearing vs. Human hearing can be found in Figure 1 [Owen 

et al., 2016]. 

 

Figure 1 – Panda hearing curve [Owen et al., 2016] compared against the human hearing curve. Note. 

Logarithmic frequency axis. 

3. BRITISH ACOUSTIC STANDARDS 

There are several International and British Standards (BS) currently used for rating sound 

pressure level (SPL) and noise characteristics; such as tonal noise, intermittent noise, continuous noise 

etc, for a range of different industries and applications. For example, BS 5228:2009 is used for rating 

noise and vibration from construction and open sites. Each standard has their own methodology of 

rating noise impact and assigning noise penalties to the SPL reading for noise characteristics which 

can be perceived as irritating, such as tonality and intermittency.  

Almost all acoustic standards, however, apply an “A-weighting” [BS EN 61672-1:2013] to the 

frequency spectra of the noise readings so that each frequency band is weighted to compensate for 

sensitivities in the human hearing range. This has many benefits when determining the acoustic impact 

that machinery and construction site activities will have on the human population. However, when 

calculating the impact on other animals that have a different hearing curve to humans this A-weighting 

is unlikely to give a representative level of noise impact.  

In order to provide a representative noise impact assessment for the pandas and other non -human 

animals at Edinburgh Zoo a series of measurement and modelling techniques were adapted from 

British Standards for application into the ultrasonic spectrum.  
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4. METHODOLOGY 

In order to determine the impact that construction site noise would have on the giant pandas, a 

baseline assessment was completed at locations throughout the zoo and at a construction site. Acoustic 

modelling was then used to predict noise ingress and impact from the proposed construction site onto 

the non-human noise sensitive receptors located within Edinburgh Zoo. 

As giant pandas have hearing capability at frequencies higher than of the human ear, acoustic 

measurement equipment used for human hearing is not capable of detecting the higher frequency range 

of a panda. It is important that measurement equipment is capable of measuring the full hearing ran ge 

of the species which will be exposed to the noise. In line with WWF best practice for acoustic 

monitoring [Ella Browning, 2017] two sets of equipment have been used to capture the full hearing 

range of the giant panda [Table 1]. Acoustic measurements for human hearing have been carried out 

using BS 5228-1:2009. The ultrasonic hearing range acoustic measurements have followed the same 

methodology as BS 5228-1:2009, however all data has been recorded as a Z-weighting (i.e. unadjusted 

raw data) between 8 kHz and 100 kHz.  

Due to the large frequency range of the ultrasonic song meter the frequency response of the 

microphone’s low frequency range is very nonlinear. In order to compensate for this, the lower end of 

the results (8 kHz to 20 kHz) were calibrated to that of the Class 1 Sound Level Analyser and then the 

ultrasonic acoustic data was weighted against the frequency response curve for microphone provided 

by the equipment supplier.  

Two types of predictive modelling were deployed; NoiseMap SiteNoise software used to predict 

construction site noise levels within the human hearing range; and ultrasonic predicative modelling 

completed using acoustic hemispherical propagation calculations. Both modelling techniques also 

considered mitigation barriers between the construction site and panda enclosure.  

 

Table 1- Acoustic Equipment used to capture baseline acoustic data for construction site noise and 

background noise levels in Edinburgh Zoo 

Acoustic Measurement Equipment 

Human Hearing Range: 
Class 1 Noise level meter NTi Audio XL2 Sound Level Analyser 

Cirus Research CR515 Class 1 single level acoustic calibrator 

Ultrasonic Hearing Range: 
Song meter SM4BAT FS Bioacoustics Recorder 

Song meter SM4BAT FS Bioacoustics Recorder calibrator 

5. MEASUREMENT RESULTS 

The baseline acoustic assessment showed A-weighted equivalent continuous sound level 

(LAeq) background noise levels between 45 dB(A) and 55 dB(A) for locations throughout the zoo 

premises [Figure 2] which are normal background levels for a public space during daylight hours. For 

the ultrasound measurements at Edinburgh Zoo, a logarithmic average was used to generate the graphs 

in Figure 3 which shows the SPL at different 1/3 octave frequency bands at locations throughout the 

zoo. The average background noise level for ultrasonic noise throughout the zoo was around 58.7 

dB(Z). However, during the measurement at the Location 4 power tools were being used in the distance 

which is attributed to the high energy above 25 kHz.   

 Position 1: On the pathway outside of the male panda enclosure  

 Position 2: Inside the female panda’s outdoor enclosure  

 Position 3: South of the hilltop viewpoint at the edge of the grass verge 

 Position 4: On the grass verge to the west of the Camel House 
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Figure 2 – Acoustic measurement locations throughout Edinburgh Zoo.  

location A = Edinburgh Zoo premises, location B = proposed construction site location,  

 

Figure 3 – Z-weighted 1/3 octave band frequency data for 4 separate locations throughout Edinburgh Zoo 

premises between 8 kHz and 100 kHz. High energy above 25 kHz at Location 4 can be attributed to use of 

power tools at a nearby location. 
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The acoustic measurements at the construction site were taken during operation of a rotary 

piling machine and Stihl saw. The graph shows very high energy levels within the human hearing 

spectrum. However, it is evident from the graph that there are high energy levels right up to 50 kHz and 

harmonic tones from the operation of the rotating equipment can be seem in the ultrasonic noise 

spectrum [Figure 4]. To determine the source Sound Power Level (Lw) of the two machines, standard 

acoustic hemispherical spreading was used form the recorded data. 

 

 

 

 

 

 

 

Figure 4 –Ultrasonic song meter results prepared in Kaleidoscope Pro Analysis Software showing frequency 

(y-axis) and time (x-axis) 

6. MODELLING RESULTS 

The results from the modelling assessment for the A-weighted acoustic modelling using 

NoiseMap software show that expected noise levels in the panda enclosure could be in region of 60 

dB(A) to 70 dB(A) during standard demolition and construction site activities; with rock removal by 

blasting reaching up to 85 dB(A).  The Lw of each machine was taken from BS 5228-1:2009 as well 

as provided by suppliers for specific activities (i.e. rock blasting).  

 

 

 

 

 

 

 

 

 

 

 

 

Figure 5 – Results from NoiseMap SiteNoise software for modelling roof works on top of the proposed 

development and expected impact at locations throughout Edinburgh Zoo. 
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The results from the ultrasonic noise modelling considered the broadband noise from 8 kHz to 

100 kHz [Table 2]. The sound power level for each machine was calculated and then standard acoustic 

hemispherical spreading calculations were used for rating the noise impact. The results show that the 

broadband levels from the rotary piling activities are unlikely to breach the broadband background 

noise levels at the panda enclosure, whereas the Stihl saw is likely to breach the background noise 

levels and cause disturbance to the animals. 

It should be noted that this modelling technique does not consider  the tonal noise emissions 

captured in acoustic assessment, nor the additional irritation and impact that this would have on the 

animals.  

 

Table 2 - Results from Ultrasonic noise modelling 

Tools 

8 kHz to 100 kHz 

Z-weighted noise level at 

source dB(Z) 

8 kHz to 100 kHz 

Z-weighted Background at 

panda receiver dB(Z) 

8 kHz to 100 kHz 

Z-weighted noise level at 

panda receiver dB(Z) 

Rotary Piling 105.9 58.7 52.4 

STIHL Saw 115.0 58.7 61.5 

7. DISCUSSION 

The results from the measurement, modelling and analysis discussed in this document show that 

the British Standards for rating noise from construction sites do not give a representative assessment of 

the impact that these activities will have on non-human animals. The A-weighting curve used for 

rating noise impact from anthropogenic noise is restrictive with regards to impact on non -human 

animals. Using this system for implementing noise restrictions on construction sites adjacent to noise 

sensitive species like the giant panda is likely to give a misleading result on the actual noise impact on 

this species as a result of the anthropogenic noise. 

The results show that construction site activities have high energy above the human hearing range 

of 20 kHz as well as prominent harmonic tones from rotating machinery. Standards on acoustic noise 

impact assessments regularly apply noise penalties for tonal characteristics due to their additional 

impact on top of the broadband noise from machinery and site activities [BS 4142, IEC 61400-11]. By 

limiting our acoustic measurements to the A-weighting we remove all the ultrasonic tones from our 

measurement range, which would likely have tonal noise penalties attributed to them if they were 

within the human hearing range. Previous studies referenced at the start of this paper have shown stress 

related health impacts on the giant panda species as a result of invasive acoustics from anthropogenic 

noise; the additional irritation of tonal noise from construction site activities is therefore expected to 

cause significant impact on animal wellbeing.  

8. CONCLUSIONS 

BS 5228-1:2009 discusses acceptable A-weighted noise restrictions on construction site 

activities; however, this does not consider the potential impact these activities would have on 

endangered and noise sensitive species that have a wider range of hearing  than humans. Certain 

non-human animals such as pandas rely heavily on vocalisations for successful breeding and therefore, 

special care must be taken when rating anthropogenic noise within the vicinity of these delicate 

mammals. Although the current British and International acoustic standards are widely accepted 

throughout the world; it is the conclusion of this assessment that, in their current state, the standards 

are not suitable for rating noise impact on non-human species. Therefore, when completing a noise 

impact assessment near noise sensitive non-human animals; real care must be taken to ensure that the 

wellbeing of the animals is not negatively impacted as a result of incorrectly rating the noise impact on 

that species against the expected nose impact on humans.  

9. FURTHER WORK 

As a result of this work, acoustic considerations have been taken forward to inform the design of 

a new panda enclosure at Edinburgh Zoo. With regards to accurately rating the noise impact on this 
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delicate species, additional studies are required to accurately determine the impact that ultrasonic 

noise levels will have with regards to panda welfare. One potential route would be to generate a 

species-specific acoustic weighting which can be applied to broadband acoustic data for  different 

non-human animals to allow for accurate acoustic impact assessments to be made for individual 

species such as the M-weighting which is used for rating noise impact on marine mammals [Southall et 

al., 2007]. 
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ABSTRACT 
The AcouReVe Project (2015-2018) aimed to improve the knowledge and the quality of acoustic calculation 
in ventilation ductworks. Such calculations are based on simplified models and the main issue is the input 
data. For each component of the ductwork, acoustic insertion loss and/or sound generation due to air velocity 
has to be known. The present work concentrates on sound attenuation across different ventilation network 
elements, such as bends, branches and manifold. A 2D prediction method was developed; it involves a multi-
modal model for elements associated to guided waves propagation and a finite elements model for complex 
elements. Measurements have been performed at CETIAT laboratory on different elements; the experimental 
setup is described along with the different evaluated configurations. The comparison between the measured 
results, the predicted results as well as the results from simple standard formulas applicable for the considered 
elements is presented and discussed in detail. 
 
Keywords: Ductwork, Noise, Ventilation 

1. INTRODUCTION 
Indoor noise remains a key issue for most building occupants. Ventilation is one of the noise 

sources in buildings and efforts are made by most manufacturers to design silent solutions, b oth for 
components and ductwork. Acoustical consultants implement calculations to predict the sound levels 
in rooms taking into account the ventilation system and ductwork but they often face several issues:  

- Lack of information about the acoustical characteristics of ductwork components, both for noise 
attenuation and regeneration 

- Lack of confidence in the calculation process: it usually uses a simplified approach in which each 
ductwork component is considered independently from the others without interaction, 

- Lack of confidence in the literature results: simplified tables or empirical relations are used but 
their scope and limits of application are not well known. 

The goal of the AcouReVe research project (2015-2018) was to make the ductwork noise 
calculations more reliable by providing answers to many of these issues. Such calculation needs to 
split ductwork in several parts (elements) and associates to each of these elements the two following 
acoustic characteristics: sound generation by the air velocity and sound attenuation by the element. 
The calculation is then rather simple to implement if it uses an energetic approach with uncoupled 
elements but the key factor is the acoustic input data for each element, which are often missing or 
uncertain (low reliability).  

Part of the work then focused on characterizing ductwork components such as junctions, straight 
ducts, bends, dampers and manifolds for balanced ventilation systems. Other ductwork components 
such as air inlet or air outlet transfer devices are expected to be accurately characterized by 
manufacturers as they are located at the end of the ductwork, visible, and with specific design which 
can greatly influence the noise behavior. For this reason, they were not targeted in the AcouReVe 
project. Acoustic characteristics of silencers are usually known since their role i s to reduce the noise 
level (even if their noise generation is sometimes forgotten), so they were not considered in the project.  

Laboratory tests allowed to check how the assumption of independent components used in the 
                                                        
1 catherine.guigou@cstb.fr  
2 francois.bessac@cetiat.fr  
3 simon.bailhache@cstb.fr 
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classical noise calculation methods leads to differences between calculation and measurements.  
The project also investigated the way to implement such calculation in aerodynamics software, 

checking which data are necessary, and if their approach is compatible with that of acoustic calculation. 
In addition, the implementation of a database was started and made available to users, giving a place 
to manufacturers to share these specific data with users or software developers.  

This paper focuses on sound attenuation in junctions, along straight ducts, in 90° bends, in dampers 
and rectangular manifolds. 

2. JUNCTIONS 
The junctions are used to split the air flow from one duct to two (or more) other ducts, i.e., to 

distribute the air flow to several sub-branches or terminal devices. Several tests have been performed 
on 3 main configurations, described in Figure 1. The measurements are supplemented by a noise 
calculation with a 2D approach, as well as with the common simple expression prediction model. 

The results are presented as in terms of sound level variation, i.e. the difference between the 
downstream and upstream sound levels, so that -3 dB means that the level in the considered 
downstream branch is 3 dB lower than in the incoming upstream branch.  

 
Figure 1 – Evaluated junctions; (a) T90-junction, (b) T45-junction and (c) Y-junction. 

2.1 Simple prediction model 
This simple geometrical configuration has been widely described in the literature (e.g. Ashrae  (1)) 

and is easy to implement in calculations. The calculation of the sound variation ΔLw Bi uses two 
formulas, depending on cut-off frequency f0 (i.e. the frequency below which only plane waves travel 
in the duct) of the upstream branch 

  (1) 

  (2) 

where Sa is the section of upstream branch and SBi, the ith section of downstream branch. The cut-off 
frequency f0 for a circular cross-section duct is given by f0=(0.59 c0)/D, with D the diameter in m and 
c0 the sound speed in air expressed in m/s ; and for a rectangular section duct f0=(0.5 c0)/H, with H 
the largest dimension in m. 

For frequencies below the cut-off frequency, the first term of Equation (1) is associated to a 
reflection effect of the plane waves in the low frequency range. For frequencies above the cut -off 
frequency, Equation (2) only depends on the section of the considered downstream branch and the 
sections sum of all the downstream branches. It is obvious that since Equations (1) and (2) do not 
include geometrical parameters, they are most relevant for symmetrical Y-junctions or T-junctions. 
But for the T-junction with a main duct and a lateral branch, the sound transmission could be 
distributed unsymmetrically, and Equations (1) and (2) might not be appropriate.  

2.2 2D prediction model  
A 2D acoustic model was also developed. Three types of geometries were distinguished: straight 

duct elements, bends and elements with complex arbitrary geometry (such as junctions). A distinct 
modelling strategy was implemented for each of these three types of elements . For straight duct 
elements as well as bends, a multi-modal approach of guided waves propagation is implemented; for 
the complex element a finite elements model approach is preferred. The model is described in detail 
in (2) and is therefore not discussed further here. 

Two types of attenuation are evaluated based on the developed model: either based on the acoustic 

(a) (b) (c) 
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power evaluated over a duct section (denoted Prediction -Lw), or based on pressure level obtained at 
2 positions on the duct section at half the radius (denoted Prediction -Lp). The difference between 
these two evaluations is that for the method denoted Prediction -Lp the pressure level Lp in the 
upstream duct branch (sound emission) combines the incident and reflected waves due to the 
discontinuity inducing some interference effects; while for the method denoted  Prediction -Lw the 
power level Lw in the upstream duct branch is obtained from the power associated to the incident 
waves only. 

2.3 Results 
All ducts are 250 mm in diameter, of the round spiral steel type, as widely used in ventilation 

ductworks. Sound power level is measured inside ducts (ISO 5136 (3)) at a distance of 1 m upstream 
of the junction and 2.5 m after the junction in each downstream branch. The sound level is generated 
by a upstream loudspeaker emitting a broadband noise, in an axial or lateral position. Anechoic 
terminations are placed at the end of each branch. 

Figure 2 shows for the T90-jounction the theoretical sound level variation according to Equations 
(1-2), the measured sound power level variation Lw, and the 2D model predicted sound level variation 
(considering sound pressure levels Lp and sound power levels Lw). The accident observed in the 
measurements and the prediction based on pressure level in the one-third octave band 125 Hz and 250 
Hz is associated to the fact that the microphones in the upstream branch (incident sound) are located 
in a section corresponding to a sound pressure node (interference between the incident wave and 
reflected wave due to the junction discontinuity). Figure 2(a) shows that for frequencies below 500 
Hz, the plane wave theory (see Equation (1)) is quite well respected, with a 3.5 dB attenuation. Above 
this frequency (approx. two one-third octave bands below the cut-off frequency (800 Hz), the theory 
is far away from the measurement and 2D model prediction results, showing a large attenuation around 
8-10 dB. By contrast, Figure 2(b) shows a smaller attenuation, around 1 dB, instead the 3 dB given 
by theory. It seems obvious that it is easier for noise to continue straight ahead in the duct than to take 
a way with right angle.  

 
Figure 2 – Sound level variation for T90-junction; (a) side branch and (b) direct branch – axial loudspeaker. 

Similar results have been obtained for a T45-junction, as presented in Figure 3. The same 
conclusions as for T90-junction apply for low frequencies. For higher frequencies, the same 
dissymmetric results occur, with only a little lower amplitude with the T45 junction compared to T90 
junction. It has to be noted that the dissymmetrical behavior is reduced when the exciting loudspeaker 
is positioned on the lateral side of the upstream duct branch, instead of at the axial end. This position 
leads to higher order modes excitation and may be more representative of sound fields in real 
ductworks.  

The Y-junction shows that the symmetrical effect is achieved. The difference with the theory 
decreases especially around the cut-off frequency. On the higher range (1600-3150 Hz), higher 
attenuation is seen for experimental results, probably due to the losses in the ducts. The pred iction 
obtained by the 2D model fits with the literature theory.  

The literature theory does not include a parameter to adjust the attenuation in the downstream 
branches according to the geometry of the junction. A proposal is to add to Equation (2) a new term 
taking into account the angle between the upstream and the downstream branches. The following terms 
are proposed for a junction with a downstream branch (branch 1) in line with upstream branch and a 
second branch (branch 2) forming an angle B2 with the upstream branch ( /2 B2) 
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  (3) 

 
Figure 3 – Sound level variation for T45 junction; (a) side branch and (b) direct branch – axial loudspeaker. 

3. STRAIGHT CIRCULAR DUCT 
The total length of a ductwork can be more than several tens or hundred meters. The sound travels 

on long distances and can be damped by air relaxation effects and the acoustic losses on the duct walls 
(mainly noise transmitted to the duct and to its surrounding). This part only deals with circular ducts, 
which are known to produce few losses. 

A typical data from literature for ducts around Ø 200 mm is a loss of 0.1 dB/m for low frequencies 
and 0.3 dB/m for high frequencies. These values are small but can lead to significant attenuations for 
long ducts. Practice shows that design contractors often neglect this phenomenon in calculation, 
probably for conservative reasons. 

Several tests were performed to assess these losses in the well-known galvanized steel spiral duct 
used in ventilation. The test set-up consists in a loudspeaker, an upstream duct with in-duct sound 
power measurement (used as reference), the ducts under test (length 6 m, resul ting from the assembly 
of 2 ducts of 3 m), and downstream an anechoic termination. A microphone is moved into the duct to 
measure the sound pressure levels every 20 cm, located at the ¼ of the diameter.   

Tests were carried out on 4 different diameters: Ø 80/100/125/160 mm. For the 160 mm diameter, 
one additional case consisted in a 5 m length duct made of 5 sections of 1 m.  

Figure 4 shows the attenuations in dB/m for the 5 tested configurations. All of them present a low 
attenuation for frequencies below 1600 Hz. The common literature value of ~ 0.1 dB/m seems to be 
realistic. For frequencies higher than 1600 Hz, the 4 diameters ducts made of 2 x 3 m give comparable 
results, between 0.5 and 1.5 dB/m, that can be rounded to 1 dB/m. The case of the Ø 160 mm duct 
made of 5 x 1 m leads to a different result, with higher attenuation, locally around 3 dB/m at 2000 and 
2500 Hz and between 1 and 2 dB/m above; the regeneration of 1.3 dB/m at 1600 Hz is rather unrealistic 
and unexplained. This difference is obtained although the numerous duct connections were tightened 
with care, using adhesive tape around the male connectors.  

 
Figure 4 – Measured attenuation in dB/m in a straight duct. 
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The frequency from which the acoustic behavior changes should be related to the cut -off frequency 
when the travelling waves are no longer plane waves (for Ø80 mm at 2530 Hz, Ø100 mm at 2030 Hz, 
Ø125 mm at 1624 Hz and Ø160 mm at 1270 Hz), but Figure 5 does not show such differences, as the 
frequency with an accident appears to be always around 1600 Hz. This remains unexplained; the use 
of a loudspeaker in axial position does not favor the generation of higher order mode in the duct. 

4. BENDS 
Bends, as any obstacle in a duct with air velocity, can produce noise. The level of this noise greatly 

depends on the air velocity itself and as a first approximation on the pressure loss coefficient (i.e. the 
shape of the obstacle). Most of bends used in ventilation have a soft radius of curvature, approx imately 
around 1 diameter, even if they can be built differently, such as pressed steel (round bend) or assembly 
of several straight parts. Several types of bends (see Figure 5) have been tested to determine their 
sound power level and sound attenuation. 

The generated noise level for such rounded bends was found very similar to a straight duct 
reference configuration, meaning that 1D curvature radius bends can be considered not generating 
noise in ventilation ductworks. This is not the case for the sharp bend which is rather unrealist ic and 
not used in practice, the generated noise was about 10 dB(A) higher than the standard rounded bend  
(see (4) for results). 

 
Figure 5 – Tested bended elements: (a) rounded bend, (b) bend by straight parts, (c) sharp bend. 

Since the bend represents an impedance change in the duct for the traveling waves , it generates 
sound reflections to upstream which reduces the sound energy transmitted to downstream, resulting 
in some attenuation. Measured insertion loss is presented for 2 bends of Ø 160 mm, round bend and 
sharp bend (without airflow). Test set-up consists from upstream to downstream in a loudspeaker 
(axial or lateral with reference microphone), a straight duct, the tested bend, a straight duct with a 
section to measure the average sound pressure level and an anechoic termination. The insertion loss 
is then obtained as the difference of downstream sound level measured without bend (replaced by 
straight element) and then with the bend. Figure 6 shows the obtained insertion loss for the 2 bends, 
compared to results based on (5). Round bends have a lower pressure loss; their noise attenuation is 
low, equal to zero at low frequencies, and around 2 dB at higher frequencies. The measured attenuation 
is between the predicted results (close to zero) and the results based on (5). On the contrary, the sharp 
bend presents a greater pressure loss, thus a higher sound attenuation. Predicted results are in relative 
accordance to those based on (5), but the measured maximum attenuation appears at a d ifferent one-
third octave band. Note that the bend by straight parts provides similar results to the rounded bend. 

 
Figure 6 – Sound attenuation of sharp and rounded bends. 
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It must be noted that when the loudspeaker is located on a lateral position of the upstream duct, 
the attenuation is a little bit lower for the sharp bend. 

5. DAMPERS 
Dampers are used to adjust air flow rates in the various branches of a ductwork. Dampers create 

pressure loss, which in turns can create noise. Five types of dampers of Ø 160 mm have been 
investigated, as displayed in Figure 7: iris, blade (full or perforated), blast gate, flexible opening foam 
(made with agglomerated PU foam) with removable pieces to adapt pressure drop. Sound generation 
associated to these dampers was measured but is not presented in this paper.  It was obtained that the 
overall sound power level dB(A) could be fairly well evaluated using expression given in VDI 2081 
(5). 

 
Figure 7 – Tested dampers: (a) iris damper, (b) damper with full blade or (c) perforated blade,  

(d) blast gate, (e) flexible opening foam. 
As for bends, the damper is an obstacle in the duct that changes the impedance, creating reflection 

and reducing transmission. For the downstream point of view, the damper creates a sound attenuation 
(insertion loss). The tests use an upstream loudspeaker to generate broadband noise. The attenuation 
is calculated by comparing sound pressure levels in the reverberant room with and without the damper. 
Figure 8 compares several types of damper in a configuration close to a pressure loss coefficient 

 = 10. Metal dampers have no effect between one-third octave bands 125 and 630 Hz, before to reach 
2 dB (full blade damper) or about 4 dB (iris damper). The perforated blade damper has no effect, 
although it is in closed position (90°!). On the contrary, the foam damper, made of absorbing 
agglomerated PU foam, is associated to sound attenuation, above 10 dB above 6.3 kHz. 

 
Figure 8 – Insertion loss of different dampers for   10. 

6. ACOUSTIC BEHAVIOR OF MANIFOLD 
Manifolds are used in ventilation systems to distribute the air coming from the ventilation unit to 

the downstream branches bringing air to the different rooms. Their size and shape vary, from 
rectangular to circular, with spigots on lateral sides or on all sides as well. As proposed in the Ashrae 
handbook (1), one could be tempted to consider them as a plenum, but their small volume makes this 
not suitable. One manifold has been tested and results compared with calculations  (2D prediction 
model). For practical reasons, the tested manifold as seen in Figure 9 is in wood with an inlet of Ø 
250 mm and 6 outlets of Ø 160 mm. Internal size is L = 88 cm, w = 50 cm, d = 25 cm.  
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The experimental set-up consists in a lateral loudspeaker on the inlet side, with a measurement of 
sound power level at the inlet, and the measurement of sound power level at 4 of the 6 outlets. All 
branches with sound level measurement are equipped with an anechoic termination.  The test result is 
the attenuation of the sound power level observed in one branch compared to the incomin g sound 
power level. 

 
Figure 9 – (a) manifold used for tests; (b) set-up for the acoustic characterization of manifold. 

The numerical simulation is based on a 2D-approach. Many configurations have been investigated, 
for 1 to 4 connected outlets in the experiments (for 1 to 6 in the predictions) 

Figure 10(a) shows the experimental and calculated transmission variations from inlet to outlet. 
The prediction and measurement results are rather consistent, at least for the frequencies where 
maxima and minima appear. These maxima and minima are related to the modal situation in the 
manifold volume and the branches position. For example, as shown in Figure 10(b), it is observed that 
at 125 Hz, the first outlet G1 (close to inlet) is positioned on a node of the manifold pressure field 
distribution leading to a low transmission. On the contrary, the 3rd outlet G3 is positioned on an anti-
node of the manifold pressure field distribution, and the sound energy is then easily transferred from 
inlet to outlet. At high frequencies, prediction results are higher probably because no damping was 
considered. The general level of attenuation appears to be between 2 and 20 dB for the measurements, 
with high differences depending on frequency regions. The first outlet (G1) exhibits a high attenuation 
at 125 Hz whereas the second G2 has a maximum attenuation at 200 Hz.  

The analysis of all predictions (Figure 16) results for one outlet shows that all the possible 
combinations of all other outlets is less important than the position of the considered outlet. Increasing 
the number of connected outlets reduces the amplitude, acting like a damping.  

 

 
Figure 10 – (a) Comparison of measured and predicted sound level variation for only one connected outlet 

and (b) Pressure distribution in the system with one connected outlet at 125 Hz. 
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Figure 11 – Sound level variation for G1 outlet, for 1 to 4 outlets connected;  

(a) Measurement and (b) Prediction. 

7. CONCLUSIONS 
The acoustic calculation for ventilation ductworks is a challenge as it requires numerous input data, 

e.g. attenuation and sound generation for all the components of the ductwork. The method of 
calculation is based on a simplified energetic approach for which the crucial point is the quality of 
input data. Some are usually well known such as for terminal diffusers, but some others are rarely 
available, such as the noise generated and/or attenuated by junctions, straight ducts, bends, dampers 
and manifolds. The AcouReVe project has experimentally investigated several components and this 
paper has focused on sound attenuation associated to some of these elements . The main conclusions 
are as follow: 

• The literature about junctions is correct for symmetrical configurations. For T90 or T45°  
junction branches, the calculation requires a different treatment for each branch, the lateral one 
receiving less sound energy than the straight one. 

• For low frequencies, losses in straights duct are consistent with literature and are very low, but 
the circular ventilation ducts provide higher losses than expected at high frequencies, with more than 
1 dB/m for the considered galvanized spiral steel duct.  

• Bends provide limited sound attenuation, as given in the literature. Furthermore, if the curvature 
radius is at least 1D, there is generally no noise generation compared to a similar straight duct.  

• Dampers have to be considered as an important source of noise rather than an attenuating 
element. However, the tested foam damper was associated to a large insertion loss in the high 
frequency range.  

• Manifolds provide an attenuation at frequencies that are related to their geometry (pressure field 
distribution in manifold). The number of connected outlets slightly influences the attenuation levels.  
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ABSTRACT 
Double-glazing is widely used in constructions due of their sound insulation performance. According to the 
standards, the prediction of their acoustic performances is carried out in laboratory using two reverberant 
rooms. It’s well known that, in the low frequency range below the Schroeder frequency, the presence of these 
rooms can affect the measurements due to their modal behavior. Thus, the prediction of their acoustic and 
vibratory behavior is very complicated and depends on several factors such as the used materials, the 
boundary conditions and the diffuseness of the acoustic field.  
In this work, experimental and numerical studies on the vibroacoustic behavior in low frequency range of 
double-glazing are presented. First, a finite element model for the proposed fluid-structure coupled problem 
is proposed. Experimental modal analysis of the structure is then detailed. The results of this analysis are 
used to validate a numerical model of double-glazing. Finally, various models for numerical sound reduction 
prediction of double glazing are presented and compared. 
 
Keywords: Double-glazing, Experimental modal analysis, Finite element. 

1. INTRODUCTION 
Double glazing is often used in noise reduction since a relatively high transmission loss is achieved 

by introducing of an acoustic gap between the panels. Due to various effects of fluid-structure 
interaction, the prediction of the acoustic performance of the double wall remains very complicated 
in the low frequencies whatever the method used. We propose in this paper a reliable method base d 
on experimental measurements and numerical analyzes able to predict the vibroacoustic behavior of 
double-glazing. In the literature, the article (1), (2) and (3) studied experimentally the transmission 
loss through single, double and triple glazing. In (4), the effect of boundary conditions on this acoustic 
indicator of double panels was investigated. A comparison of different type of glass models can be 
found in (5). For the numerical prediction approaches, several methods are available. The choice of 
the numerical method depends on the computational cost and the treated frequency band. The Finite 
Element Method (FEM) is suitable to treat problems in low frequencies. In  (6), this method is applied 
to develop a model of a sandwich plate with viscoelastic core. The FEM is applied in (7) by the authors 
for the different layers of the sound barrier coupled to a variational Boundary Element Method (BEM) 
to account for fluid loading. 

The present paper is organized as follows: In the first part, a finite element formulation of the 
vibro-acoustic problem is presented. The second section is devoted to the modal experimental analysis 
of the double-glazing. The impact hammer test is used to evaluate the modal parameters (natural 
frequencies, mode shape and damping) which were used to recalibrate a numerical model of the 
studied system. In the last part, numerical evaluation of the acoustic performances of double -glazing 
is presented. The difficulties of the numerical models are related to the representation of (i) the 
acoustic excitation and (ii) the effects of the emitting and receiving rooms. Thus, four configurations 
are proposed from which two are selected. We study the difference between the case where an acoustic 
room is modeled and where the Rayleigh integral is used. The effect of  the dynamic damping is also 
analyzed. 
                                                        
1 Chaima.soussi@lecnam.net 
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2. Finite element formulation for the vibro-acoustic problem 
Let us consider the linear vibrations of an elastic structure filled with a homogeneous, inviscid and 

compressible fluid, neglecting gravity effects. This configuration is chosen to model the double-
glazing system. We establish in this section the local equations of the coupled problem and the 
corresponding finite element matrix equations.  

2.1 Local equations of the problem 
We consider an elastic structure occupying the domain  ( =1, 2) at the equilibrium. The structure 

is subjected to a prescribed displacement  on a part  and to surface force density  on the 
complementary part of its external boundary. The interior fluid domain is denoted by  and the fluid–
structure interface by Σ (see Figure 1). 

We note , the stress tensor and , the density of the structure. In addition, since the compressible 
fluid is assumed to be inviscid, instead of describing its motion by a fluid displacement vector field, 
which requires an appropriate discretization of the fluid irrotationality constraint , we use the pressure 
scalar field . Let us note  the wave number in the fluid ( where  is the speed of wave 
propagation in the fluid,  the mass density of the fluid, and  the normal of the structure. The local 
equations of the fluid-structure coupled problem described previously are: 

 
Figure 1 – Double-glazing system 

  (1) 

  (2) 

  (3) 

  (4) 

  (5) 

  (6) 
 

Eq. (1) corresponds to the elasto-dynamic equation in absence of body force; Eqs. (2), (3) are the 
prescribed mechanical boundary conditions represent the surface forces applied on   and the 
displacement imposed on ,respectively; Eq. (4) results from the action of pressure forces exerted 
by the fluid on the structure; Eq. (5) is the Helmholtz equation; and Eq. (6) is the kinematic interface 
fluid–structure condition on Σ. 

2.2 Finite element discretization 
In the finite element context, the previous vibro-acoustic problem is described in terms of structure 

displacement  and acoustic pressure . The discretization of the variational formulation associated 
to the previous equations (1) to (6) leads to the following matrix system (see (6) for details):  

 (7) 

with ,  and  are the structural stiffness, mass and damping matrices, ,  and  are 
the associated acoustic matrices,  is the fluid-structure coupling matrix and  is the structural load. 

3. Experimental analysis of the double-glazing 
The modal analysis of the structure is essential for understanding its dynamic performance. In this 

section, we are interested in experimental modal characterization (resonant frequencies and damping 
coefficients) of double glazing. The experimental results will be used for the validation of a developed 
numerical model. 

3.1 Description of the structure 
The complete structure presented in Figure 2.a is a domestic wooden window with two symmetrical 

opening mounted on a frame. The model is 1.45 m wide by 1.5 m high. It weights approximately 76 kg. 
Each opening is composed of double-glazed surrounded by a rubber seal and incorporated in a sash 
which is composed of two stiles and two rails (Figure 2.b). The complete, the window is composed of 
92 pieces of different sizes and different materials such are wood, glass, rubber, etc.  
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Figure 2 – (a) Wooden window, (b) Components of one opening 

The double-glazing, presented in Figure 3, combines two glass panes separated by a 18 mm spacer 
and an argon gap. It is 0.581 m wide by 1.309 m high. The polyamide spacer is filled at least half by 
the desiccant, which is a silicon material used to absorb the moisture within the cavity through the 
perforations of the spacer. The gluing of the spacer on the window is done with a butyl type sealant 
or resistant silicone. All the parts are connected and sealed with a visible silicone located around the 
outside edge. 

 
Figure 3 – Details of the double-glazing 

3.2 Experimental Modal Analysis 
The Experimental Modal Analysis (EMA) is a tool to characterize the modal properties of a 

complex structure through the identification of its natural frequencies, mode shapes and modal 
damping ratios. Basically, the implementation of an EMA requires the measurement of the Frequency 
Response Function (FRF) of the considered structure at different points of the latter (Figure 4). In this 
work, the “roving hammer” test is used with an impact hammer and three reference accelerometers. 
This method consists in fixing accelerometers and then impact the structure at several points. 

3.3 Impact testing considerations 
The basic principle of the roving hammer test is to hit the structure with an impulse and then 

measure its response. This needs to be done at several points on the structure  to obtain a fair 
representation of the mode shapes. The impact hammer is equipped with a force sensor and a nylon 
tip.  

 
Accelerometer 

 

 
Impact hammer 

Figure 4 – The device of modal analysis 
The suspended double-glazing (see Figure 5) is meshed into 153 nodes. Excitation is done in all 

nodes with an average of three impacts and measurements are performed up to 400 Hz, with 0.5 Hz 
frequency resolution. 
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Figure 5 – Suspended double-glazing 

3.4 Numerical Model 
In this section, the double glazing experimentally tested is modeled numerically with the finite 

element method. The objective is to find a numerical representation of the structure able of 
reproducing its dynamic modal behavior. Thus, the model found will be used for acoustic studies.  

The numerical model consists of two 2D shells representing the two glass panels separated by a 
three-dimensional cavity filled with argon (sound speed 317 m/s and density 1.6 kg/m3). The structure 
is considered free in the space. The properties of the glass defined for the two planes are ; 

 (kg/m3) and  =0.23. An equivalent material, whose properties are  ; 
(kg/m3) and =0.49, is defined for the group «spacer + butyl + desiccant». Quadrilateral 

shell elements for the solid and hexahedral elements for the fluid are used for the finite element 
discretization. The mesh sizes for the structure and the acoustic domain are controlled by the 
wavelength  (m) which depends on the frequency range of interest. For the acoustic domain, the 
acoustic wavelength is  where  (m/s) is the speed of sound. For the structure, the flexural 
wavelength is   where   (Pa.m3) is the flexural rigidity and  (kg/m²) the 
surface mass density. Since it is recommended to use 6 elements per wavelength, we obtain a model 
containing 35604 degrees of freedom. 

3.5 Results and discussion 
Firstly, in order to validate the experimental measurements, the principle of reciprocity must be 

verified. It means that the frequency response function measured between two points must be the same 
regardless of which of them is input or output. Two cases are tested; the first one where the excitation 
point P1 and the measurement P2 are in the same glass pane. The second one where the excitation 
point is in the first glass pane and the measurement point is in the second one. The results presented 
in Figure 6 show that the reciprocity is insured since the curves are superposed following the 
permutation between the excitation and measurement points. 

 
Figure 6 – Verification of the reciprocity  

For analyzing the experimental data, a home-made EMA toolbox based on the pLSCF 
(polyreference Least Squares Complex Frequency domain) (8) has been implemented. Figure 7 shows 
the comparison of the first ten natural frequencies of the structure obtained from the experimental and 
numerical analysis. For a such complex structure, results are considered satisfying since the maximum 
difference of natural frequency is 6.8 %, observed for Mode 8. 
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Figure 7 – Comparison of the first ten experimental and numerical eigenfrequencies of the double-glazing  

Table 1 presents a comparison of modes shapes 1, 2 3 and 6 experimentally measured and found 
by finite element method. Once again, a good agreement between the two methods is observed.  

Table 1–Comparison of experimental and numerical mode shapes  
Mode 1 2 3 6 

Experimental 
     

29.9 Hz 37.7 Hz 41.2 Hz 75.5 Hz 

Numerical 
     

29.8 Hz 36.6 Hz 38.6 Hz 73 Hz 
The modal damping is often the parameter extracted with the greatest uncertainty (9). Results of 

the first ten modal damping presented in the Figure 8 show that this parameter variates from 0.9 % at 
the 6th mode to reaches the maximum at the 2nd mode with a value of 11.3 %. These data will be used 
for vibroacoustic numerical simulations of the problem.  

 
Figure 8 – Experimental modal damping of the double-glazing  

4. Measurements of sound transmission 

4.1 Experimental set-up  
The airborne sound insulation of building elements such as walls, doors, windows can be evaluated 

in laboratory according to standards norms (10). These standards allow the determination of the 
acoustic performances of the structures by the measurement of the sound reduction index. 
Measurement takes into consideration two adjacent reverberation rooms, separated by a common wall 
containing an opening in which the test element is mounted (see Figure 9). During the laboratory 
measurements,  is defined as the difference between the average sound pressure levels in the source 

0

10

20

30

40

50

60

70

80

90

100

0

20

40

60

80

100

120

140

1 2 3 4 5 6 7 8 9 10

G
ap

 (%
)

Fr
eq

ue
nc

y 
(H

z)

Mode

Numerical
Experimental
Gap

0

2

4

6

8

10

12

1 2 3 4 5 6 7 8 9 10

D
am

pi
ng

 (%
)

Mode

199



 

room and in the receiving room with a correction term considering the acoustic absorption  (m²) 
and the area of the test specimen  (m²): 

 (8) 
 

 
Figure 9 – Experimental set-up of acoustic experimental test 

4.2 Other configurations 
Standards (10) assume that acoustic excitation is a diffuse field for the entire frequency band of 

measurement [100 Hz - 5000 Hz]. This condition is respected only beyond the “Schroeder frequency” 
of the room which marks the limit between the modal behavior and the diffuse field. This frequency 
is generally high and inversely proportional to the dimensions of the chamber.  

At low frequencies, to treat the problem numerically by respecting the condition of the diffuse 
field, it is necessary to model a room whose dimensions are larger than the wavelength which is 
penalizing for the cost of computation. To overcome this problem, the plane wave superposition 
method is an effective solution. The technique consists in exciting the structure by a diffuse sound 
field (Figure 10.b). This solution therefore makes it possible to avoid modeling the emitting chamber. 
On the reception side, it can be assumed that the window radiates in a semi-infinite field without 
considering the receiving acoustic cavity (Figure 10.c). The combination of these two solutions, 
presented by the last configuration (Figure 10.d), makes it possible to reduce the size of the model 
and to avoid the modal effects of the rooms.  

For numerical methods, the FEM method is used to model the window. For the modeling of the 
transmission and reception sides, the method used will depend on the chosen configuration. For 
example, for cases where both chambers are modeled, the FEM will be used since it is a bounded 
problem. For the cases of radiation in a free field corresponding to an unbounded problem, se veral 
solutions are presented (Rayleigh, BEM or also FEM combined with a perfectly matched layer (PML) 
for the far field. 

 
Figure 10 – Different configurations considered for problem resolution 

4.3 Numerical analysis  
In this section, we focus our attention on the numerical analysis of configurations (b) and (d) to 

calculate the sound transmission of the double-glazing model previously established. For the two cases 
considered, the excitation of the structure is a diffuse sound field which is a superposition of random 

Source chamber Receiv ing chamber
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plane waves in phase and direction making a uniform sound pressure at every point. The difference 
between the two analyses is the modelling of the receiving side: In the first configuration, the structure 
radiates in a 3.25 4 5 m3 rigid rectangular cavity. The structure is clamped to a wall of the room. In 
the second case, the Rayleigh integral is used in the receiving side. This condition represents the 
acoustic radiation of a plane structure mounted in a rigid baffle in a half-space. Since direct frequency 
analyses are carried out, only materials damping is defined in the models.  
4.3.2   Results and discussion  

The carried numerical models allow to determinate the Transmission Loss of the structure (TL). 
This parameter is calculated in decibels (dB) as the ratio of the sound power incident  by the sound 
power transmitted  by the structure:  

 (9) 
A comparison of the results in narrow band and 1/3 octave is established. The frequency range for 

narrow band figure goes from 1Hz to 600 Hz and from 31 Hz to 500 Hz for the 1/3 octave band 
presentation. A damping of 1% is used for all the material of the models. Firstly, a comparison of the 
TL calculated with the two configurations (b) and (d) is illustrated in the Figure 11. We can see in the 
narrow frequency band, a fluctuation of the TL at the low frequencies with the presence of the 
receiving room. This is explained by the modal behavior of the acoustic cavity. In fact, the coincidence 
of the excitation with the acoustic natural frequencies, for example Mode 2 at 43 Hz, Mode 7 at 68 Hz 
and Mode 28 at 132 Hz presented in Figure 11, causes an increase in the sound pressure level in the 
room, which leads to a decrease of the measured TL. This is not the case when the structure radiated 
in a semi-infinite domain. The sound reduction calculated in the two configurations becomes similar 
from 200 Hz, a value around the cutoff frequency of the acoustic cavity.  

 
Figure 11 – Comparison of the TL between the two configurations in the narrow and 1/3 octave band 
The second aim of this section is to study the influence of the damping in the TL of the structure. 

For this, two analyses are made with the configuration (d). Results presented by the Figure 12 
disclosed the fact that the damping smooths the curve of the TL and influences considerably the results 
above 100 Hz. At 500 Hz, the model without damping present a results 15 dB lower than the case with 
1% damping. Below 100 Hz, the TL of all models present a similar behavior. 

 
Figure 12 – Effect of the damping in the TL of the double-glazing (configuration d)  
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5. CONCLUSIONS AND PERSPECTIVES 
In this work, the vibroacoustic behavior of the double-glazing glass is studied. First, the modal 

behavior of the structure is experimentally identified and validated with the finite element method. 
The established numerical model was used to carry out different acoustic analyses. The numerical 
examples show that the presence of the acoustic room has a significant influence on the TL in the very 
low frequencies due to its modal behavior below the Schneider frequency. In addition, the dynamic 
damping doesn’t have an influence below 100 Hz but improve the acoustic performances in the higher 
frequencies. 

Within this framework, many future investigations and developments can be considered among 
which: the calculation of the TL with other configurations to study the influence of the acoustic 
cavities and their geometries; the influence of the structural and the acoustic boundary conditions; the 
recalibration of a model of one opening and then the hole window.  
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ABSTRACT 
Recent environmental regulations bring up higher standards on acoustic comfort. Mitigating the noise 
transmission from façade exterior to interior is rising as an important issue in building envelop designs. 
Modern façade systems consist of aluminum frames and multiple high-performance layers of insulating or 
laminated glass. Thus, the overall sound insulation of such systems depends not merely on glasses but might 
more on frames and the coupling between them. Particularly when the STC of glass reaches 40 or higher, the 
sound path through the framing elements becomes more critical. However, this crucial issue has not received 
enough investigation, and no satisfactory approach has been developed in the literature yet. This issue is 
addressed by studying the coupling between aluminum frames and glazing infill, and an extended model has 
been accordingly developed. A series of laboratory tests with different frames were conducted to validate the 
predictions. As an application of this research, a design-orientated simulating platform has been developed 
to provide quick estimations of the sound insulation performance of window and façade systems. 
 
Keywords: Sound, Insulation, Transmission Loss, Aluminum Frame, Window, Facade 

1. INTRODUCTION 
Aluminum-framed window has become a prevailingly popular choice for commercial and 

residential high-rise buildings. Due to the high strength of the aluminum material, it offers a large 
daylight opening to frame ratio at a relatively low purchase cost. The narrow frame width is of 
particular importance for modern curtain wall designs. 

Meanwhile, Aluminum has material that has high durability and longevity properties that performs 
well under harsh weather conditions. Also, with the high-quality thermal broken design, high energy 
efficiency window and façade systems have been evolved tremendously over the past few years, which 
offers exceptional performance through thermal insulation and water – air tightness. Compared to the 
efforts dedicated to improving the thermal performance, much less attention has been paid to the 
acoustic performance of Aluminum-framed window systems so far. With the rapid urbanization over 
the world, environmental noise pollution has become a bigger concern, especially for residential 
construction in noisy areas. However, there is not a satisfactory approach developed yet to address 
this critical issue up to date systemically. 

The overall sound insulation of an Aluminum-framed window depends not merely on glasses but 
might more on frames and the coupling between them. It is common practice for window 
manufacturers and fabricators to obtain acoustic performance of a window system by conducting 
laboratory “sound transmission loss” experiments. Laboratory test does provide a straightforward way 
to access the sound transmission characteristics. However, numerous evidence showed that poor 
repeatability among different laboratories exhibits. Also, it suffers from time and expense cost to 

                                                        
1 Yhuang@schuco-usa.com 
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conduct a series of tests. Moreover, each window system has its profile details and glazing selections, 
making it far expensive to target a series of test of a complete system.  

Because of the high complexities of airborne interactions and sound transmission paths cross the 
Aluminum-framed window system, it is increasingly challenging to evaluate the overall acoustic 
performance of a framed window system. For this reason, very limited theoretical models can be found 
in the literature so far.  

The effort of this study is to tentatively characterize the overall sound transmission of the 
aluminum-framed window system. The coupling between aluminum frames and glazing infill will be 
carefully studied, a series of laboratory tests with different glazing options are conducted and analyzed, 
through which a feasible method will be proposed to predict the aluminum window transmission loss 
in 1/3 octave bands frequency. As an application of this research, a design-orientated simulating 
platform has been developed to provide quick estimations of the sound insulation performance of 
window and façade systems.  

2. METHODOLOGY 

The approach used in this paper to estimate the overall window acoustic performance is the 
following. Firstly, the daylight opening area in the window frame is shielded of high sound insulation 
masking panel from the sound field. Heavy panels are attached to the vision area to block the sound 
path and the masked window setup is tested. Then, the acoustic performance of the composite mask 
is measured by adjusting the opening size of the filler wall and installing the mask without a frame.  

The frame sound transmission coefficient can be reverse calculated using the following equation: 
𝑅𝑅𝑡𝑡𝑡𝑡𝑡𝑡𝑡𝑡𝑡𝑡 = −10 𝑙𝑙𝑙𝑙𝑔𝑔10( 1

∑ 𝑆𝑆𝑛𝑛𝑁𝑁
𝑛𝑛=1

∑ 𝑆𝑆𝑛𝑛𝜏𝜏𝑛𝑛𝑁𝑁
𝑛𝑛=1 ), where 𝑅𝑅𝑡𝑡𝑡𝑡𝑡𝑡𝑡𝑡𝑡𝑡 is the framed mask transmission loss. 𝑆𝑆𝑛𝑛 is the 

individual component surface area. 𝜏𝜏𝑛𝑛 is the individual component sound transmission coefficient. 
With the frame transmission loss calculated based on experimental data and the glass performance 
calculated by theoretical model, the overall window element transmission loss is easy to obtain by 
using the area-weighted logarithmic average of individual components.  
  The measurements were divided into two categories: one in which only the unframed infills were 
tested, and the other one has the same kind of infills tested inside an inward opening Aluminum 
window frame.  

2.1 Test Environment   
The experiments in this paper were performed by Riverbank Acoustical Laboratories™ (RAL) by 

ASTM E90 – 09(2016) “Standard Test Method for Laboratory Measurement of Airborne Sound 
Transmission Loss of Building Partitions and Elements.” There are three testing chambers in RAL 
that can be used as either source room or receiving room. The volume of chamber1, chamber2, and 
chamber3 were 177 m3, 178.3 m3 and 131.3m3, respectively. An air gap structurally and vibrationally 
isolated each of the two adjacent rooms. In the tests, all specimens were placed at the edge of the 
receiving chamber. Rotating microphones obtained space and time-averaged sound pressure levels, 
and these values were measured to calculate the transmission loss(TL) in 1/3 Octave bands from 50 
Hz to 5000 Hz.  

2.2 Type of Test Samples 
The unframed infills tests used Chamber 2 as the source room and Chamber 3 as the receiving 

room. Chamber 3 has a dimension of 6.11m x 4.27m x 5.04m. The filler wall between two chambers 
was built with solid cast concrete. The tested opening for unframed infill was 1045mm x 1294mm. 
Three different glass and one composite mask were tested in this group. Table 1 shows the measured 
composition of each infill type. The glass specimen tested for this study were all manufactured by 
Viracon. 

For the frame performance study, one kind of typical Aluminum window frame was used for all 
framed infill tests. The tests in this category used Chamber 1 as the source room and Chamber 2 as 
the receiving room. Chamber 2 has a dimension of 7.14m x 5.18m x 4.56m. The filler wall was 
constructed using multi-layered gypsum board with a measured STC value of 61. The tested opening 
for framed infill is 1230mm x 1480mm. 
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Table 1 – Composition detail of the unframed infills 

No. Glass Details  STC 

1 13.1mm Glass(1.52mm PVB), 19.1mm Air space, 7.4mm Glass (0.76mm PVB) 42 

2 9.5mm Glass, 18.4mm Air space, 3.9mm Glass 39 

3 5.7mm Glass, 13.7mm Argon, 5.8mm Glass 33 

4 Composite Mask 52 
 

2.3 Mask Composite 
In testing aluminum profiles it is crucial to have a setup that can ensure the only significant sound 

transmission path was through the tested aluminum frame. There are some criteria that was follow 
when designing the masking technique. Firstly, the surface of the mask panel needs to be aligned with 
the surface of the frame to avoid grazing incidence on the mask edge. Secondly, for geometry reasons, 
only a limited frame depth is available to hold the mask panels, the mask composition needs to choose 
the material with high density and ideally good damping capability. 

 
Table 2 – Composite mask construction detail from source room to receive room 

Composition  Thickness(mm) Weight(kg) 

Steel plate 3.10  32.32 

Mass Loaded Vinyl sheet  3.18 7.49 

Glass No. 1 39.69 64.18 

Gypsum board 15.88 13.27 

Mass Loaded Vinyl sheet 6.63 13.38 

Steel plate 3.10 32.32 

Gypsum board 15.88 13.27 
 

In the setup, the mask panel consists of two layers of 3.1mm thick steel plate to guarantee high 
area mass. In between these steel layers, two layers of the mass loaded vinyl sheet is included to 
improve damping effect, and the remaining space are filled with gypsum board. The construction 
sequence of the composite mask is explained in Table 2. The area density of the composite mask 
reached a high number of 130kg/m2. Figure 1 shows the photo of mask setup and 3D rending for the 
exploded view of the composite mask design. The drawing details is presented in Figure 2. The 
masking panels constructed have the exact size of the window frame’s daylight opening size, and the 
panels are fastening into the frame through a friction fit. The edges of the mask are well-sealed with 
acoustic caulk and duct tape.  
 

  
 

Figure 1 - (left) A Photograph of the masked window  (right) Exploded view of the masked window 
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Figure 2 - Drawing detail of the masked window  

3. RESULTS and DISCUSSIONS 

3.1 Framed Glass vs. Unframed Glass  
Figure 3 - 5 compares the unframed glass and the framed glass for three different test cases. The 

glazing composition for glass No.1 - 3 is shown in Table 1. Their sound transmission behavior differs 
in different frequency ranges; the resonance frequency and coincidence frequency for each glass 
sample are marked in the chart.  

In the frequency range below 100Hz, the measurements do not follow a clear pattern as the data 
collected is greatly affected by the testing environment. In the frequency range above 100Hz, the test 
data is reliable. The main reason is that the Chamber 2 and Chamber 3 are relatively large as receiving 
chambers, and thus they all give very low fundamental frequencies. The eigenfrequencies of the test 
chambers can be calculated by  

𝑓𝑓𝑛𝑛𝑛𝑛𝑛𝑛 =
𝑐𝑐
2
∙ �
𝑛𝑛2

𝐿𝐿2
+
𝑚𝑚3

𝐵𝐵2
+
𝑝𝑝2

𝐻𝐻2 (1) 

where L, B, and H are length, width and height of the room, c is the sound speed in air and n, m and 
p represent the order of room modes corresponding to L, B, and H, respectively. The analytically 
solved first eigenfrequencies for the receiving chambers are below 40Hz. As a result, the test chamber 
effect is negligible in a higher frequency range. Also, the 95% confidence interval of the experimental 
results at a frequency higher than 100Hz is less than ±1dB, which suggests a stable testing result with 
this frequency range. 

For frequency range between100Hz and the double layer glass resonance frequency, the inclusion 
of the Aluminum frame decreased the glass TL by 0dB ~ 4dB.  The reduction was expected, as the 
aluminum frame vibration may deliver the sound power to the glass panels through the glass edges. 

At higher frequencies, the double panel glass model can be simplified to a model of two limp mass 
coupled by a spring(1). The mass-air-mass frequency is derived assuming the only normal incidence 
excites the partition, the equation obtained is:   

𝑓𝑓𝑟𝑟 =
𝑐𝑐

2𝜋𝜋
∙ �
𝜌𝜌0
𝑑𝑑
∙ �

1
𝑚𝑚1

+
1
𝑚𝑚2

� (2) 

where 𝑚𝑚1 and 𝑚𝑚2 are the surface densities, 𝜌𝜌0 is the air density, d is the spacing between two panels. 
In Figure 3 and 4, it is noticeable that for the two double insulating glass specimens of glass No.2 and 
glass No.3, the framed glass and unframed glass both have a dip in the calculated glass resonance 
frequency. However, for the double laminated glass No.1, the same dip at the glass resonance 
frequency did not occur. Figure 5 presents the glass No.1 transmission loss curve comparison between 
the published data from the manufacture and the measurements taken in this study. The manufacture 
specimen size was 2.1336m x 0.9144m. The data from the manufacture shows a clear dip in resonance 
frequency. As the specimen in RAL was held in the test opening by dense mastic around the perimeter, 
the extra damping at the specimen edges reduces the resonance amplitude and is likely responsible 
for the missing dip.  

Above the resonance frequency, the framed glass shows close performance to the unframed glass 
for double insulating glass; in this region, the sound behavior is mainly based upon the total mass of 
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the sample. In the higher frequency range, the two panels act individually. For every single plate, the 
coincidence frequency is given by: 

𝑓𝑓𝑐𝑐 =
𝑐𝑐2

2𝜋𝜋
∙ �
𝑚𝑚
𝐵𝐵

 (3) 

where B is the bending stiffness, m is the surface density of the calculated plate. Again, framed glass 
TL curve shows a dip at the same frequency of the unframed glass critical frequency. A larger 
difference between unframed glass and framed glass TL are found at frequencies above the critical 
frequency.   

In all three tests, the single number ratings of the framed glass closely reached the unframed glass 
ratings, the same holds for the high sound insulation glass with a measured STC value of 42dB. The 
STC of framed glass No.3 and the OITC value of framed glass No. 1 are even 1dB higher than those 
of the unframed glass tests. The observation is in line with previous studies on Aluminum window 
frame(2, 3). Hence, it can be concluded that, with proper design and sealant, even though Aluminum 
frame was full of cavities and extruded in thin wall thickness, it can achieve high sound reduction for 
the overall window systems together with good performance glass.  

 

 
Figure 3 - STL of unframed and framed double insulating glass No. 3 

  
Figure 4 - STL of unframed and framed double insulating glass No. 2 
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Figure 5 - STL of unframed and framed double laminated glass No. 1 

 
 

3.2 Masking Procedure  
The fundamental idea of the masking procedure design is built up a heavy mass shield to block the 

incident airborne sound power path in the window vision area, only leave the frame area as the primary 
path for sound energy transmission. Using the result of the mask only test and framed mask test, the 
acoustic properties of the frame can be extracted using Eq (4).  

As the window and façade element consists of frame components and infill component, the 
logarithmic average equation becomes: 

𝑅𝑅𝑡𝑡𝑡𝑡𝑡𝑡𝑡𝑡𝑡𝑡 = −10 𝑙𝑙𝑙𝑙𝑔𝑔10 �
1

𝑆𝑆𝑓𝑓𝑟𝑟𝑡𝑡𝑛𝑛𝑓𝑓 + 𝑆𝑆𝑖𝑖𝑛𝑛𝑓𝑓𝑖𝑖𝑡𝑡𝑡𝑡
× (𝑆𝑆𝑓𝑓𝑟𝑟𝑡𝑡𝑛𝑛𝑓𝑓𝜏𝜏𝑓𝑓𝑟𝑟𝑡𝑡𝑛𝑛𝑓𝑓 + 𝑆𝑆𝑖𝑖𝑛𝑛𝑓𝑓𝑖𝑖𝑡𝑡𝑡𝑡𝜏𝜏𝑖𝑖𝑛𝑛𝑓𝑓𝑖𝑖𝑡𝑡𝑡𝑡)� (4) 

where 𝑅𝑅𝑡𝑡𝑡𝑡𝑡𝑡𝑡𝑡𝑡𝑡 is the framed mask transmission loss, 𝑆𝑆𝑓𝑓𝑟𝑟𝑡𝑡𝑛𝑛𝑓𝑓 is the frame surface area, 𝑆𝑆𝑖𝑖𝑛𝑛𝑓𝑓𝑖𝑖𝑡𝑡𝑡𝑡 is the 
infill surface area, 𝜏𝜏𝑓𝑓𝑟𝑟𝑡𝑡𝑛𝑛𝑓𝑓 is the frame sound transmission coefficient and 𝜏𝜏𝑖𝑖𝑛𝑛𝑓𝑓𝑖𝑖𝑡𝑡𝑡𝑡 is the frame sound 
transmission coefficient. 

The calculated Aluminum frame transmission loss using masking procedure can be found in Figure 
6. Comparing the tested mask TL and calculated frame TL, the sound power transmitted through the 
mask composite is more than 10dB in all frequencies range except at 100Hz, 125Hz, and 160Hz. It 
can be further observed that the TL of the composite mask shows an increasing linear trend above 
200Hz, which indicates a mass-controlled behavior and no flanking transmission concern around the 
sample perimeter. Thus, it is reasonable to assume that, in a framed mask test, most of the sound 
energy passes through the aluminum frame. 

The STC/OITC value of the composite mask is 52/44dB. In the condition that the masking 
procedure is difficult to conduct, a high sound insulation glass can be used as the masking shield if 
the single number rating of the glass is close to the composite mask. Using high-performance glass as 
the shield, it ensures a more comparable boundary behavior and sealing condition. As in most designs, 
the frame and glass connection mechanism is consistent for the same aluminum frame product line, 
and the glass is likely to be installed to the Aluminum frame through a gasket made of EPDM or 
structural silicone. 
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Figure 6 - STL of measured framed mask system, unframed mask composite, and calculated frame results 

 

3.3 Validation 
Figure 7 presents four validation cases for the masking procedure; A good agreement can be seen 

for the general trend between the measured and predicted window element performance. The 
prediction method also gives a good estimation of the single number rating within ±1dB (see Table 3).  

  
(a) Glass No.3 (b) Glass No.2 

 
(c) Glass No.1 (d) Glass No.4 - 8mm/20mm/6mm 

 
Figure 7 - STL comparison of measured and predicted window results of four different glass options 
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Table 3. Single number rating comparison of measured and predicted results 

 
 

It is worth mentioning that the comparison data in Figure 7(d) were gathered from the ift 
Rosenheim testing lab at various times over all the years, but still achieved a good comparison trend. 
The glass composition is 8mm clear glass with 0.76mm acoustic PVB interlayer, 20mm argon space, 
and 6mm clear glass.  

Although the prediction method shows good agreement with the experiment results, this method 
shall not be treated as a replacement to the laboratory test; it could serve as a quick and relatively 
accurate sound performance analysis method in building pre-construction phase.  
 

4. CONCLUSIONS 
This study focused on the sound behavior of the Aluminum frame in window systems. A series of 

unframed and framed glass tests were conducted to study the acoustical effect of inclusion of  
Aluminum frame as the window perimeter.  

 Also, a masking procedure to obtain the frame sound performance is proposed. The frame 
performance can then be combined with the glass TL estimation to get the entire window or façade 
STL. Once the frame STL is obtained, and the glass STL estimated through experiments or theoretical 
model, the window element sound properties can be calculated using Eq(5). An accurate glass 
estimation method for double insulating glass and double laminated glass has been proposed in another 
work from the second co-author of this paper(4).   

As a conclusion, the idea of the masking method would be an effective and economical approach 
to identify the aluminum window and façade element sound characteristics.  
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 Glass No.1 Glass No.2 Glass No.3 Glass No.4 

STC OITC STC OITC STC OITC STC OITC 

Measured unframed glass  42 33 39 31 33 28 43 33 

Measured framed glass 41 34 38 31 34 28 42 34 

Predicted framed glass 41 35 39 32 34 29 42 34 
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LABORATORY IMPACT TESTING 

John LOVERDE1; Wayland DONG2; Erik HOLMGREEN3; Scott BERGQUIST4 
1,2 Veneklasen Associates, USA 
3,4 Maxxon Corporation, USA 

ABSTRACT 
Materials such as floor coverings, screeds, and resilient matting are commonly applied on top of a floor-
ceiling assembly to improve the impact noise insulation. Since the test measures the insulation of the entire 
assembly, it can be difficult to isolate the effect of these top-side components from the base structural 
assembly. The authors previously reported on a laboratory test program to evaluate the repeatability in the 
laboratory when rebuilding assemblies (1). As a continuation of that program, assemblies and products from 
historical tests were retested, and the resulting repeatability was poor. Investigation determined that the cause 
of the discrepancies was variation in the base assemblies, not the top-side materials. The techniques and 
results are discussed, and the effect on the interpretation of laboratory testing is evaluated. 
 
Keywords: Sound, Insulation, Transmission 

1. INTRODUCTION 
Acoustical testing characterizes the acoustical performance of materials and assemblies. Testing is 

intended to evaluate assemblies with respect to building code or other requirements, to compare 
materials or assemblies with each other, and to research and develop new materials or assemblies. In 
order for acoustical testing to provide useful information to complete these goals, the characterization 
must be independent of environmental and other factors that are not directly related to the material, 
installation or construction. The uncertainties of the test methods must be small compared to  the 
differences being evaluated, and the uncertainties must be well known and stable. If these conditions 
are not met, not only is the data unreliable, but the results can be misleading. For example, if two 
competing assemblies have similar actual performance, but the test results for the assemblies differ 
by a significant amount for reasons unrelated to the assembly, an observer will be led to the incorrect 
conclusion that one product is superior to the other.  

Unfortunately, it is our experience that such misleading results are common. The problem is not 
the variation in the acoustical test results per se, but the fact that these uncertainties are large com-
pared to the differences that are desired to be evaluated. Worse than the size of the uncertainties is the 
fact that the uncertainties are often not known or are inadequately measured and reported.  

In this paper we report airborne and impact insulation testing of floor-ceiling assemblies that 
demonstrate the undocumented and unreported uncertainties associated with re-installing and re-
building assemblies, and how the uncertainty affects both manufacturers of acoustical products and 
the acoustical engineers who depend on the data to make design decisions.  

                                                         
1 jloverde@veneklasen.com  
2 wdong@veneklasen.com  
3 eholmgreen@maxxon.com  
4 sbergquist@maxxon.com  
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2. STATE OF STATISTICAL CONTROL 
In North America, most acoustical testing is performed according to standard methods published 

by ASTM International. ASTM E177 (2) defines the use of the terms “precision” and “bias” in other 
test methods, and discusses the underlying statistical understanding. In most building acoustics testing, 
the “true value” is defined by the test method results, so there is no bias by definition. However, the 
precision is a vital concept. Precision refers to the closeness of independent results performed under 
stated conditions.  

E177 states bluntly that, “The measurement process must be in a state of statistical control; else 
the precision of the process has no meaning.” A process is in a state of statistical control if the variation 
between independent measurements (under the stated conditions) can be attributed to “chance causes,” 
sometimes called “common causes.” Chance causes refer to all of the unknown sources of variation, 
presumably numerous but small in magnitude, that result in variation of a repeated measurement. 
Chance causes represent a stable degree of variability and is generally normally distributed around 
the mean.  

Lack of statistical control is the situation when the variation exceeds that expected from the stable, 
normal distribution of chance causes. E177 describes this condition as including “unassignable trends, 
cycles, abrupt changes, excess scatter, or other unpredictable variations” as determined by statistical 
methods. The presence of outliers, data points outside of the normal distribution of chance causes,  
“may indicate a weakness in the test method or its documentation.” One possible cause of lack of 
statistical control is variation due to “special causes” or “assignable causes” that have not been 
identified. Special causes result in a non-random distribution of results. 

3. Testing program 

3.1 Assembly description 
The assemblies under consideration include gypsum concrete topping slab or screed over resilient 

sound mat. The gypsum concrete screed and sound mat are considered floor coverings in the sense 
that they are not an integral part of the structural design and can hence be installed on any structural 
system, or “base assembly.” Here we consider two base assemblies, one with 300 mm deep wood I-
joists and one with dimensional timber joists (nominal 2 by 10 in.,  approximately 38 by 240 mm). For 
both joist types, the base assembly included fiberglass insulation in the cavity, and a gypsum board 
ceiling supported on resilient channels. 

Since testing must be performed with numerous finish floors on numerous structural assembly 
types, the number of permutations is large. To facilitate testing, the laboratory constructs the base 
assemblies in large frames which can be moved into and out of the test chamber relatively quickly. 
The base assemblies are stored on site and the floor coverings are installed on the assemblies outside 
of the chamber. A picture of the finish floor on the base assembly installed in the test chamber is 
shown in Figure 1. 

 

 
Figure 1 – Assembly installed in chamber.  
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3.2 Repeatability conditions 
“Repeatability” refers to the variation of independent test measurements performed under the 

stated repeatability conditions. Per ASTM E177, the preferred repeatability conditions are those 
involving the same laboratory, by the same operator using the same equipment in as short a time as 
possible. E177 is aimed at more traditional measurements of properties of samples taken from a lot of 
materials. The repeatability conditions must be modified for acoustical testing, where only a single 
assembly is available to test in a short amount of time. Therefore, acoustical test methods define 
repeatability as testing the same sample repeatedly by the same operator using the same equipment in 
as short a time as possible. 

However, many other repeatability conditions are possible. In previous papers (1,3,4), the authors 
evaluated additional repeatability conditions. Re-install repeatability is measured when the specimen 
is removed from the chamber and later re-installed without modification. Re-build repeatability is 
measured when the specimen is completely or partially demolished and rebuilt. 

ASTM E492 (5) section 14 reports repeatability standard deviations under several repeatability 
conditions. One is a re-build repeatability condition for a wood joist floor, and another is a re-install 
repeatability condition for a concrete slab.  

3.3 Previous Results 
In the previously published study (1), the re-install and re-build repeatability were measured. To 

summarize, the re-install repeatability was consistent with the values reported in E492, although 
higher at high frequencies, and consistent across finish floors and assemblies. The re-build 
repeatability standard deviations were small in terms of single number ratings, but the third-octave 
data showed significant discrepancies. One of the rebuilt assemblies showed only small changes 
compared to the original, but the other assembly showed a systematic difference in both airborne and 
impact isolation. 

3.4 Current Testing 
The gypsum concrete topping and sound mat were installed on the wood I-joist base assembly. The 

result, in particular the impact insulation class (IIC) rating, was s ignificantly lower (roughly 4–5 
points) than expectations based on historical testing of the same products. Additional tests were 
performed to investigate the discrepancy.  

The assemblies were re-installed and re-tested, which did not result in significant changes. This 
was expected, as the re-install repeatability had been measured to be small.  Next, the ceiling was 
removed and re-installed (partial re-build repeatability). Second, the base assembly was removed and 
re-installed 90 mm (3.5 in.) higher in the test opening.  

In another series of tests, the gypsum concrete topping and sound mat were installed on the 
dimensional timber base assembly. Again the results were lower than expectations. This assembly was 
also raised in the test opening. Finally two modifications were made to the base assembly. 

The single number ratings are shown in Table 1. The rationale for these changes and the results are 
described in the following section. 

Table 1: Summary of test results 
Base Assembly Condition Finish IIC STC 

I-joist 

First test Bare 43 59 
5.5 mm LVT 52 60 

Ceiling rebuild Bare 44 60 
5.5 mm LVT 53 60 

Raised in opening Bare 49 58 
5.5 mm LVT 56 58 

Dimension timber 

First test Bare 42 57 
Raised in opening Bare 44 54 

Frame reduced Bare 43 56 
Lag screws removed Bare 46 55 
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4. RESULTS AND DISCUSSION 

4.1 Re-build repeatability 
As described above, for the I-joist assemblies, the ceiling was removed and re-built, which resulted 

in an improvement of 1 IIC point for both finish floors. Figure 2 shows the change in impact insulation 
(positive values indicate improvement, i.e., lower impact sound levels) in third octaves. There was a 
consistent improvement, which might imply that the original assembly had errors or issues in 
construction.  

In Figure 3, the absolute value of the differences is compared to the 95% repeatability limit based 
on the re-build repeatability condition reported in E492. The change from the ceiling re-build is 
therefore smaller than previously documented changes, and well within the expected uncertainty for 
this repeatability condition per the standard. The airborne transmission loss (not shown) did not have 
a large or systematic change. It was therefore concluded that errors (if any) or other variation in the 
ceiling construction were not sufficient to explain the results. 

 
Figure 2 – Reduction in impact sound level due to partial re-build of the assembly. 

 
Figure 3 – Absolute value of difference between partially re-built assemblies compared to the 95% limit for 

re-build repeatability per E492. 

4.2 Position within opening  
The opening between the top and bottom chambers in the test laboratory has a depth that is set by 

the overall construction of the chambers. The thickness of the base assemblies varies, so there is an 
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ambiguity in the test method regarding the exact position of the specimen within the opening. The 
specimens are generally positioned such that the floor of the specimen is flush with the floor of the 
top chamber. However, this is not always the case, and the position is not documented in the test report. 

Both the I-joist and dimensional timber assemblies were raised about 90 mm (3.5 in.) in the opening 
and re-tested. The resultant improvement in impact insulation is shown in Figure 4. The differences 
at mid and high frequencies are large, and the single number ratings increased by 2-5 points. For 
comparison, Figure 5 compares the absolute value of the differences to the 95% repeatability limit 
based on the re-install repeatability measured previously (1). The results are clearly outside the 
expected variation. 

 
Figure 4 – Reduction in impact sound level due to moving the specimen within the test opening. 

 
Figure 5 – Absolute value of differences due to re-installing the assembly at a different position in the test 

opening, compared with the 95% limit for re-install repeatability previously established. 
 
The position of the specimen within the opening has a large effect of the test result, yet this 

parameter is not recorded or documented in the test report. Tests of otherwise identical assemblies 
will exhibit abrupt and unexpected shifts in measured values depending on their position. An observer 
who was not aware of the effect of the position might include such variations within re -install 
repeatability. In fact, the position of the specimen within the opening appears to be a “special cause” 
and failing to control or document this parameter means that the test process is not in a state of 
statistical control.  
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4.3 Frame construction 
For the dimensional timber system, investigation revealed that changes had been made to the base 

assemblies. As mentioned, the base assemblies are stored at the laboratory and used to test a wide 
variety of floor covering products. In an effort to stiffen the base assemblies to make them easier to 
move, newly-constructed base assemblies were not identical to assemblies that had been used in the 
past. The new base assemblies had been reinforced with additional pieces of lumber around the bottom 
of the frame, and large lag screws had been added to help to support the joists.  

To determine if these changes to the base assembly affected the results, several tests were 
performed. First the new assembly with modifications was raised within the chamber opening as 
described in section 4.2, resulting in an increase of 2 IIC points. Second, the additional lumber used 
to stiffen the frame was removed from the dimensional lumber assembly, so that the floor level was 
equal to the baseline test (low, flush with top chamber floor) but with the assembly supported on  a 
non-rigid base. This resulted in a slight decrease in IIC rating. Finally, half of the lag screws were 
removed, one from the end of each joist. The change in impact and airborne isolation is shown in 
Figure 6. The individual changes are shown; that is, the curves should be summed to determine the 
overall change. 

Removing the lumber from the frame resulted in a large increase in airborne isolation, while the 
effect on the impact isolation is smaller. Removing the lag screws reduced the transmission loss 
slightly, but significantly increased the impact insulation. 

Changes to the base structural assemblies are not included in existing definitions of re-rebuild or 
re-install repeatability conditions. It appears that changes to the base assembly are a special cause that 
is causing a significant, non-random change in the test results, and that the test method is not in a state 
of statistical control. The changes to the base assemblies were not documented or described to the 
laboratory’s clients. It is not known how much testing the laboratory performed when constructing a 
new base assembly to verify that the performance compared to the existing base assemblies.  

It may be possible to reasonably define repeatability conditions that include the variation in base 
assembly. This would require measurement and documentation of the variation among nominally 
identical base assemblies. To our knowledge this work has not been performed.  

 
Figure 6 – Improvement in impact isolation (left) and airborne isolation (right) for the changes to the base 

assembly described in the text. 

5. CONCLUSIONS 
The nature of acoustical laboratory testing is such that numerous repeatability conditions occur 

that may be uncommon in other types of testing. Some of these conditions have been documented 
previously (1,3,4) and reported here. Measuring the variation under various repeatability conditions 
is a critical task, and determines how well the test method can resolve differences between assemblies 
and products. 
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More importantly, we have determined that some of the variations in laboratory test results cannot 
be assumed to be statistical (common cause) variation. This work documents several special causes 
of variation within acoustical testing that are not reported and have not been suitably investigated by 
the test laboratories. Since these special causes are not controlled as part of the repeatability 
conditions, the test method is not in a state of statistical control, and the repeatability i s not defined. 
Further, the size of the variations calls into question whether the test method can provide the desired 
level of precision.  

It is in the interest of all parties that the testing be performed in as fast and efficient a manne r as 
possible. However, this study shows that the testing paradigm of building, storing, and installing base 
assemblies has more parameters than then laboratories are currently tracking and reporting, or that 
customers are specifying as part of their test programs. Additional testing is required to demonstrate 
the reliability of the base assemblies and the statistical control of the test method. 

Since the acoustical testing results are part of building codes and required by law, a top priority of 
the community should be the research, analysis, and protocols required to bring the method into a 
state of statistical control and to properly document the uncertainty. Without this work, the market 
will continue to be inundated with misleading and uninformative test data. The test method must 
match the needs of the community. 
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Abstract
When predicting the radiation of structure-borne sound into a room, it is often assumed that the generated sound
field is diffuse. A diffuse field is by definition a random field: it represents a conceptual ensemble of rooms
with the same volume and total absorption, but otherwise any possible arrangement of boundaries and small
objects that scatter incoming sound waves. Adopting a diffuse sound field model therefore inherently introduces
uncertainty on the computed results. This uncertainty can be important, especially at the lower frequency end of
the spectrum. In this work, practical formulas are derived for predicting not only the mean, but also the variance
of energetic level quantities, such as the band-integrated spatially averaged sound pressure level, in a diffuse
sound field caused by a mechanically excited structure. The formulas are first validated in a simulation study,
and then applied for predicting the sound pressure level in a room caused by impact excitation of a plate. Both
the average sound pressure level and its standard deviation can be well predicted.

Keywords: Uncertainty quantification, diffuse sound field, structure-borne sound.

1 INTRODUCTION
When predicting the sound energy that is radiated by a vibrating structure into a room, the radiated sound field

is usually taken to be diffuse, which means that it is a random field, composed of a large number of statistically

independent plane waves, the spatial phase of which is uniformly distributed and independent from the amplitude

[1]. The randomness is caused by uncertainty regarding wave scattering inside and at the boundaries of the

room, either because of a lack of information, or because the wave scattering is not modeled in detail. The

higher the frequency, the more sensitive the harmonic (i.e., pure tone) sound pressure at a specific point in the

room becomes to such wave scattering. Since a diffuse field represents a state of maximum uncertainty (termed

maximum entropy) due to wave scattering [7], it can accurately represent the state of knowledge regarding the

sound field in the receiver room from a certain frequency onwards. Below this frequency, the diffuse field

model will over-estimate the uncertainty caused by random wave scattering.

It is also known that the variance of the total sound energy across the random ensemble representing the diffuse

field decreases with increasing modal overlap factor. Since the modal overlap factor increases with frequency,

the mean total energy of the random ensemble will be close to the total energy in any particular member of

the ensemble at high frequencies, so at high frequencies, diffuse fields behave essentially as deterministic, and

they are often treated as such in technical acoustics. At low frequencies however, considerable variation can

occur when comparing the mean total sound energy of a diffuse room model with the total sound energy for

one particular member of the random ensemble.

It would therefore be desirable to quantify the uncertainty that is inherent in the diffuse sound energy as a

function of frequency. Based on this uncertainty information, the analyst could then estimate, for a given

vibrating structure, by how much the radiated sound energy could vary between various receiver rooms with

the same gross properties. Or when a single receiver room is of interest, the analyst could then estimate from

which frequency onwards taking the mean, nominal diffuse sound energy is sufficiently accurate.

The purpose of the present paper is precisely to deliver a method for quantifying the uncertainty of structure-

borne sound predictions that is inherently present in the diffuse field assumption. This will be based on insights

from fundamental physics that have led to diffuse field variance formulas which can be used in engineering
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acoustics [4, 3]. A first contribution of the present work is that these results are complemented with the deriva-

tion of variance formulas for level quantities such as the spatially averaged band-integrated sound pressure level.

A second contribution lies in the numerical and experimental validation of the proposed method.

2 PREDICTING THE VIBRATION FIELD OF THE RADIATING STRUCTURE
For simplicity, it will be assumed that the vibration field of the radiating structure depends on the direct me-

chanical excitation and possibly also on radiation damping, but not on diffuse sound pressure loading. The

prediction of the radiated sound energy then starts with the prediction of the displacement field of the sound

radiating structure, such as a floor in a building. If excitation of the structure is harmonic at frequency ω , then

the displacement field u(x, t) at position x and time t can be expressed as u(x, t) = Re
(
u(x,ω)eiωt

)
, where the

complex vector u(x,ω) is termed the phasor. This phasor notation is used throughout the present and the next

section. It can be easily generalized towards stationary excitation. It is assumed that the radiating structure has

finite size, and that u(x,ω) can be accurately represented with a finite number N of modal (or generalized)

displacements, which are gathered in a vector q ∈ CN . If additionally the mechanical excitation of the structure

is known, the modal displacements can be computed from

D(ω)q(ω) = f(ω), (1)

where D(ω) ∈ CN×N represents the dynamic stiffness matrix of the structure in modal coordinates, and f(ω) ∈
CN the vector of modal forces. The three quantities depend on frequency, but this dependency will be dropped

in what follows in order not to overload the notation.

The concern in noise control is usually with energetic quantities, such as the vibrational cross-spectrum

Sqq := qqH, (2)

where the superscript H denotes Hermitian (or complex conjugate) transpose. From Eq. (1), the response cross-

spectrum relates to the force cross-spectrum via

Sqq = DSffD−H. (3)

3 PREDICTING THE RADIATED SOUND ENERGY
In stationary conditions, the time-averaged harmonic net acoustic power that is injected into the receiver room

by the vibrating structure Win, equals the time-averaged power that is dissipated in the room, Wdiss. Adopting a

hysteretic damping model for the receiver room then results in

Win =Wdiss = ωηE, (4)

where η denotes the (frequency-dependent) loss factor of the receiver room, and E the total time-averaged

acoustic energy in the receiver room, which is the quantity of interest. In order to compute the input power

Win, the reaction forces that are applied onto the structure by the acoustic pressure resulting from the structure’s

movement q, are determined. These forces are split into forces caused by the direct sound field, fdir, and the

forces caused by the reverberant sound field, frev. The input power can then be expressed as the sum of the

input powers to the direct and reverberant fields:

Win =Win,dir +Win,rev =
1

2
Re

(
iωqH (fdir + frev)

)
. (5)

The direct field is the sound field that would occur in the absence of any diffuse reflections or scattering, i.e.,

the sound field that would occur when the structure would be embedded in an infinite planar baffle and radiate

into an acoustic halfspace. For planar structures, this sound field can be obtained by evaluating the Rayleigh
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integral [2]. The result is a linear relationship between the degrees of freedom of the structure and the loading

onto the structure caused by the sound pressure of the direct field, fdir:

−Ddirq = fdir, (6)

where Ddir is the dynamic stiffness matrix of the direct field of the receiver room at the interface between the

room and the vibrating structure. Once the direct field dynamic stiffness matrix Ddir has been determined, the

input power to the direct field can, by application of (6), be expressed as

Win,dir =−1

2
Re

(
iωqHDdirq

)
=

ω
2

∑
j,k

Im
(
Ddir, jk

)
Sqq, jk. (7)

In order to proceed, the reverberant sound field is now taken to be diffuse, which means that it is a random

field, composed of a large number of statistically independent plane waves, the spatial phase of which is uni-

formly distributed and independent from the amplitude. The central limit theorem can then be invoked, from

which it follows that the complex phasor pressure amplitudes have zero mean [1, Sec. 2.2], hence f̂rev = 0,

where the hat denotes the ensemble average. The structural vibration q was assumed to depend only on the

structure-borne noise source f (and possibly also fdir, if radiation damping is accounted for, i.e., if Ddir is in-

cluded in D) but not on the diffuse reaction forces f̂rev. It then follows from (5) that Ŵin,rev = 0 and Ŵin = Ŵin,dir.

Combining Eqs. (4) and (7) and taking the expected value then results in

Ê =
1

ωη
Ŵin,dir =

1

2η ∑
j,k

Im
(
Ddir, jk

)
Ŝqq, jk. (8)

From this expression, the ensemble mean of the total acoustic energy in the receiver room can be determined.

When the dissipation takes place primarily in the diffuse field, the damping loss factor of the receiver room can

be determined from the reverberation time T or the equivalent total absorption area A. Finally, in a sound field

that is composed of plane waves, such as a diffuse sound field, the spatially averaged squared sound pressure

level p2
av relates to the total time-averaged acoustic energy in the room via

E =
∫

V
e(x)dx =

p2
avV

ρac2
. (9)

From the above analysis, the mean radiated sound energy (or spatially averaged squared sound pressure) across

the considered random ensemble of rooms, can be computed. For an accurate computation of the ensemble

variance, the standard notion of a diffuse field should be generalized. When random wave scattering is present

within the room, the natural frequencies and mode shapes are also random. Weaver [8] found that, when there

is sufficient random wave scattering such that a state of maximum information entropy is reached, the statistics

of the eigenvalues of the room conform to those of the eigenvalues of a Gaussian Orthogonal Ensemble (GOE)

random matrix, while the mode shapes are independent Gaussian random fields. Based on this GOE definition

of a diffuse field, Langley and Brown [4] were able to derive the relative variance of the input power (or,

equivalently, the relative variance of the total energy or the spatially-averaged squared sound pressure) of a

diffuse field under harmonic loading with a deterministic amplitude. The result of this derivation reads

Var [Win]

Ŵ 2
in

=
Var [E]

Ê2
=

Var
[
p2

av

]
(

p̂2
av

)2
≈ α −1

πm
+

1

(πm)2
, (10)

where m denotes the modal overlap factor of the room and α a loading factor. The approximation in Eq. (10)

is accurate when m ≥ 0.2. In the present setting, the diffuse sound field originates from a vibrating structure

via an area coupling, in which case α ≈ 2.

The harmonic mean and variance of the acoustic energy due to radiation of structure-borne sound into a diffuse

field can be computed from Eqs. (8) and (10), respectively. This diffuse sound energy has a lognormal proba-

bility distribution at moderate and high modal overlap (typically for m ≥ 2) [5]. This implies that the energy,

when represented on a logarithmic scale, is normally distributed.
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4 BAND INTEGRATION AND LEVEL QUANTITIES
In technical acoustics, it is customary to integrate energetic quantities over frequency bands. Since ensemble

averaging is an additive operation, the mean band-averaged energetic quantities can be immediately obtained by

integration, e.g., for the band-integrated energy EB, one has

ÊB :=
∫ ωu

ωl

Ê(ω)dω. (11)

For the relative variance, the derivation that has led to (10) has been extended to yield [3]:

Var [EB]

Ê2
B

≈α −1

πmB2

(
2Barctan(B)− ln

(
1+B2

))
+

1

(πmB)2
ln
(
1+B2

)
, where B :=

ωu −ωl

ωη
, (12)

in which ω represents the nominal (or center) frequency of the band. For 1/3-octave bands, B ≈ 0.23/η . In

the derivation of Eq. (12), it has been assumed that damping and the load spectrum (which in the present

application, boils down to the vibration spectrum Sqq of the radiating structure) be constant over the considered

frequency band [3]. This implies that, in order for Eq. (12) to hold with good accuracy, the frequency band of

integration should be sufficiently narrow.

The prediction of the variance of the band-integrated energy over wide frequency bands is an open problem. In

this work, a practical solution is investigated, which consists of dividing the large band into several narrower

bands that are (i) sufficiently narrow such that (12) holds with good accuracy, and (ii) sufficiently wide such

that the band-integrated energies belonging to different bands are approximately statistically independent. When

both conditions are satisfied, the mean and variance of the band-integrated energy for the narrower bands can

be estimated from (11) and (12), thanks to condition (i). Thanks to condition (ii), the mean and variance of the

integrated energy over the wide band are then obtained as

ÊB = ∑
j

ÊB, j and Var [EB] = ∑
j

Var
[
EB, j

]
. (13)

The input power and spatially averaged squared sound pressure are usually represented on a logarithmic scale,

as the sound power level LW and the sound pressure level Lp, respectively:

LW := 10log
WB

W0
and Lp := 10log

p2
av,B

p2
0

, (14)

where log denotes the logarithm with base 10, and the reference values are chosen as W0 = 10−12 W and p2
0 =

ρacW0. The subscript B is employed to emphasize that it usually concerns band-averaged quantities. From

Sec. 3, it is clear that in a diffuse field, in input power, total energy and spatially averaged squared sound

pressures all have the same relative variance, and that they are all approximately lognormally distributed. If this

also holds for the band-averaged quantities, then the levels are normally distributed, with mean values

L̂W = 10log
ŴB

W0
− C

2
and L̂p = 10log

p̂2
av,B

p2
0

− C
2
, (15)

and variances

Var(LW) = Var
(
Lp

)
=

10C
ln10

, and where C := 10log

(
1+

Var [EB]

Ê2
B

)
. (16)

From this analysis, two remarkable conclusions can be drawn: (i) the variances of all energetic levels (sound

power level, sound pressure level, etc.) are the same, and (ii) the mean of an energetic level is not simply the

level of the mean energetic quantity, but the error by neglecting the additional term will be smaller than 1dB

as long as the relative variance of the band-averaged energy will be smaller than 0.6.
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5 NUMERICAL VERIFICATION
In this section, the foregoing theory is verified with a numerical experiment. The aim is to compute the sound

pressure level that is radiated into a room by a concrete floor, which is in its turn excited by a point load. The

room has a width of lx = 4.15m, a length of ly = 5.10m, and a height of lz = 4.12m. The concrete floor on

top of the room has a width of Lx = 4.15m, a length of Ly = 5.10m, and a thickness of t = 0.10m. The point

load is applied in the vertical direction, at a distance of 1.15m from the nearest long edge and 2.10m from

the nearest short edge of the floor. Its Fourier transform is constant, with an amplitude of 1N/Hz and zero

phase. The concrete has a density of ρ = 2350kg/m3, a Young’s modulus of 40GPa, and a Poisson’s ratio of

0.2. The sound speed in the room is c = 343m/s, the air density is ρa = 1.2kg/m3 and the reverberation time

is T = 1.5s.

The rooms have a random acoustic mass distribution in the sense that a total of Nm = 30 point air pockets

(or acoustic point masses) are distributed at random locations within each room. The air pockets are highly

idealized models for small wave scatterers in the room, in the same way as point masses would be highly

idealized models for small wave scatterers on a plate. Each air pocket has 0.4% of the total acoustic mass

V/c2 of the room. The probability distribution of the location of each air pocket is uniform throughout the

entire room, and the locations of the air pockets are statistically independent. The total number of air pockets

and their individual acoustic mass are chosen arbitrarily; the important point is that, from a certain frequency

onwards, the randomness introduced by the wave scatterers reaches a state of maximum information entropy,

which conforms to a diffuse field [6].

The floor is modeled deterministically, in line with Sec. 2. In particular, the floor is taken to be a homogeneous,

linear elastic, simply supported thin plate with hysteretic damping. Its in-vacuo natural frequencies and mode

shapes are then known in closed form, so the quantities D and f which appear in Eq. (1) can be computed

analytically.

Two stochastic models for the room are constructed. The first room model is a detailed model, in which both

the point air pockets and the modal behavior of the room are modeled in detail. This is achieved with an

assumed-modes model, in which the hard-walled room modes are taken as basis functions. Realizations of the

random room are computed by fixing the positions of the point air pockets with a random number generator.

This process is repeated to generate a Monte Carlo ensemble of 1000 realizations of the sound field. The second

room model is a diffuse field model that is constructed according to Sec. 3. In this model, the random wave

scattering caused by placing the point air pockets at random locations within the room, is supposed to result in

a diffuse sound field. Both room models do not only differ in the level of detail in which the room is modeled.

There is also a very important difference in computation cost, since the diffuse field model is computationally

much more efficient than the detailed model.

The mean and relative variance of the harmonic time-averaged total energy in the receiver room, computed with

both the detailed room model and the diffuse room model, are plotted in Fig. 1a and Fig. 1b, respectively.

Results from individual Monte Carlo realizations, as obtained with the detailed room model, are also displayed.

At frequencies lower than about 100Hz, there are clear differences between the results obtained with the detailed

and the diffuse room models. This is because in that low-frequency range, the sensitivity of the local harmonic

sound field to the presence of the small random wave scatterers is relatively low, and a diffuse field model

will overestimate the uncertainty caused by these random wave scatterers. However, once this sensitivity is

sufficiently large, the diffuse field model is adequate: above about 100Hz, the natural frequencies of the room

start to mix well across the random ensemble, resulting in a good match between the ensemble mean and

variance of the energies as predicted from the detailed room model and the diffuse room model.

The mean and standard deviation of the spatially averaged sound pressure levels in 1/3-octave bands, are plotted

in Fig. 1c and Fig. 1d, respectively. Not only the unweighted results are plotted, but also the A-weighted results.

Since the sound pressure levels are normally distributed, confidence intervals can be directly computed from the

standard deviations that are plotted in Fig. 1d; for example, a 95% confidence interval corresponds with 4 times

the standard deviation. The 95% confidence interval corresponding to the uncertainty due to the random wave
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Figure 1. Response of a room with random wave scatterers, loaded by a point-excited vibrating concrete floor:

(a) ensemble mean of the harmonic energy; (b) ensemble relative variance of the harmonic energy; (c) ensemble

mean of the 1/3 octave band-integrated sound pressure level; (d) ensemble standard deviation of the 1/3 octave

band-integrated sound pressure level. Thick solid blue lines: detailed room model statistics; thick dashed red

lines: diffuse room model statistics. In plots (a,c), the results from individual Monte Carlo realizations are

additionally displayed by means of thin gray lines. All results are presented without frequency weighting,

except in plots (c,d), where results for A weighting are also included; the detailed room model statistics with

A weighting are then represented with thick dash-dotted black lines.

scattering (and causing a diffuse field) is larger than 1dB for all 1/3-octave bands below 400Hz.

Finally, Table 1 contains the overall band-integrated unweighted (or Z-weighted) and A-weighted mean sound

pressure levels and their standard deviations, as obtained from the Monte Carlo data for the detailed room

model, and from Eqs. (13), (15) and (16) for the diffuse field model. On overall, the mean and the standard

deviation as predicted by both models agree very well. There is a slight difference between both models for the

standard deviation without weighting, because the sound pressure levels at the lowest frequencies then contribute

importantly to the global response, and their uncertainty is overestimated with the diffuse field model. This

increased uncertainty is the price that is paid when employing diffuse field models at low frequencies.

6 EXPERIMENTAL CASE STUDY
In this section, the foregoing methodology is demonstrated and validated by predicting and measuring the sound

that is generated by a polymethyl metacrylate (PMMA) panel when impacted by a known hammer force. The
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Table 1. Response of a room with random wave scatterers, loaded by a vibrating concrete floor: comparison

between the mean and standard deviation of the band-integrated sound pressure levels over the entire frequency

range of interest (35-560 Hz), as obtained from the detailed room model and the diffuse room model.

weighting L̂p,detailed L̂p,diffuse σ(Lp,detailed) σ(Lp,diffuse)
Z [dB] 75.5 75.8 0.24 0.37

A [dB(A)] 67.3 67.6 0.11 0.11
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Figure 2. Sound pressure level due to sound radiation by a PMMA panel that is excited by repeated hammer

impacts at a single point: (a) harmonic values and (b) 1/3-octave band values. Solid blue lines: measurements.

Dashed red lines: mean predictions; solid red lines: 95% confidence interval of the predictions.

panel was mounted in the small vertical transmission opening in the KU Leuven Laboratory of Acoustics, which

measures 1.25m by 1.5m. The receiver room has a volume of 87m3. In order to quantify the impact force, an

instrumented impact hammer is employed as excitation device. Repetitive impacts were given at a fixed location

on the plate. The squared sound pressure amplitudes are measured at 8 locations in the room and subsequently

averaged in order to arrive at an estimate of the average sound pressure level. In the predictions, the sound field

in the room is modeled as diffuse, with nominal values for the air density and sound speed at ρa = 1.20kg/m3

and c = 343m/s, respectively. For the damping loss factor of the plate and the reverberation time of the room,

measured values are employed.

A finite element model of the plate was constructed using 4-node Reissner-Mindlin shell elements. The density

of the PMMA material was determined at 1260kg/m3. For the Young’s modulus and the Poisson’s ratio, values

of 2.4GPa, and 0.35 were assumed, respectively. The out-of-plane movement at the plate edges was prohibited

since the plate was mounted against the transmission opening of the laboratory. Additionally, since the bottom

edge of the plate was resting on the bottom part of the transmission opening, the horizontal movement of this

plate edge was also prohibited in the direction parallel to the edge.

The excitation consisted of repetitive hammer impacts at a single location on the plate and for a total duration

of 20s. The impact location that is considered in the present paper, was at a distance of one-third of both the

horizontal and vertical edge lengths of the plate, when measured with respect to one of its corners.

Fig. 2 contains the predicted and measured sound pressure levels. At low frequencies, the harmonic results

contain sharp peaks that sometimes also appear in the predicted mean sound pressure level, but sometimes

not. The peaks that are predicted represent modal resonances of the PMMA panel, since these are included in
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the model. Modal resonances of the particular room in which the test has been performed are not visible in

the predictions since a diffuse sound field model is adopted; they are instead captured by the 95% confidence

interval that is associated with the diffuse field assumption. Furthermore, it can be observed that the uncertainty

that is due to the diffuse field assumption is very large at the lowest frequencies, but it rapidly decreases with

increasing frequency: in 1/3-octave bands, the width of the related 95% confidence interval drops below 5dB at

125Hz, and below 2dB at 250Hz. At higher frequencies, the uncertainties due to the diffuse field assumption

are so small that the diffuse field model becomes essentially deterministic. At such frequencies, other sources of

uncertainty will be more important than the diffuse field assumption which is investigated in the present work.

7 CONCLUSIONS
Practical, closed-form formulas have been derived for predicting not only the mean, but also the variance of

energetic level quantities, such as the band-integrated spatially averaged sound pressure level, in a diffuse sound

field caused by a mechanically excited structure. The uncertainty that is accounted for is the one that is inherent

in the diffuse field model. The main theoretical results are Eqs. (15-16), which make the connection between

the mean and variance of the level quantities and the existing results for the relative variance of the harmonic or

band-averaged total energy. For simplicity, it has been assumed that the vibration field of the radiating structure

depends on the direct mechanical excitation and possibly also on energy that is radiated into the direct sound

field. In this case, the uncertainty of the sound pressure level which is due to the diffuse field assumption

depends only on the room volume, the equivalent total absorption area of the room, the considered frequency

and the integration bandwidth: the larger these quantities, the smaller the uncertainty. The formulas that are

presented in the present work allow the analyst to quantify this uncertainty in a computationally cheap way,

and therefore to estimate the error that is made when approximating the sound field in a specific room and

at a particular frequency (band) with the mean diffuse field value. Special attention was given to the detailed

numerical verification and experimental validation of the newly derived formulas.
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Abstract
The total loss factor measurement by the reverberation method is often performed to estimate the boundary
conditions of vibration fields of plate-like structures. In order to clarify how measured values involve discrep-
ancies from the true values, this paper presents a numerical model that simulates the reverberation method to
determine the loss factor in a bending vibration system of a glass plate supported with an elastic material. As a
reference, the total loss factor of a finite plate system is theoretically calculated based on the diffuse vibration
field assumption, where the random-incidence vibration absorption coefficient on the support edge is given for
the semi-infinite plate terminated by the mechanical and moment impedances. Subsequently, the finite element
analysis is performed for a rectangular plate with the impedance boundary, and impulse responses are calcu-
lated with different arrangements of excitation and receiving points. Comparing the theoretical and numerical
results, the validity of the measurement procedures is generally confirmed, however, it is demonstrated that the
measured loss factors tend to become slightly higher than theoretical ones. Additionally, measured results on
real window systems are discussed briefly.
Keywords: Thin plate, Finite element method, Loss factor

1 INTRODUCTION
Understanding vibro-acoustical behaviors of plate-like structures are of great interest in many fields of noise
control engineering. Regarding the acoustic radiation from a rectangular plate, Berry et al. have made a signifi-
cant remark that the radiation mechanism strongly depends on the boundary condition of the plate [1]. Another
important aspect is that energy loss occurs in the reflection of bending waves at the elastic supported edges,
which reduces the radiation from modal vibrations of the plate [2]. These are why modeling of the elastic
boundary support is crucial for simulating accurate sound transmission loss of plate-like structures.
The elastic boundary support has been usually modeled with mechanical and moment impedances, but it is not
yet well established how to determine the impedances. Several papers have dedicated to investigate the effect
of translational and rotational restraint on natural frequencies of finite plates (e.g.[3]), where the analysis was
performed with assuming lumped constants of stiffness, inertance and resistance for the impedance boundary
condition. However, it is not clear to what extent this lumped model is applicable. Besides, input parameters
of the boundary impedances are often experimentally determined by excitation tests. The total loss factor (TLF)
measurement by reverberation method is one of the most common measurement [4]. However, the measured
value has not been investigated in terms of the discrepancy from the theoretical value.
Focusing on a thin plate supported by an elastic material with a rectangular cross section, this paper is dedicated
to improve the usability of the impedance boundary modeling. In Sect. 2, the random-incidence vibration
absorption coefficient on the support edge is theoretically formed under the semi-infinite plate terminated by the
equivalent mechanical and moment impedances. Subsequently, in Sect. 3, finite element analysis is performed
on the impedance model and a precise support material model in order to clarify the reliable condition of the
impedance boundary modeling. Finally, the numerical and experimental measurement of the total loss factor is
conducted in Sect. 4 and Sect. 5.
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2 THEORICAL ANALYSIS
2.1 Governing Equation
A flat plate is assumed to lie on the x− y plane of the Cartesian coordinate. e jωt is assumed as the time
convention throughout this paper. The time-harmonic equation of the Kirchhoff-Love thin plate vibration theory
is given as

B∇2∇2w−ρpω2w = fz + z
∂ fx

∂x
+ z

∂ fy

∂y
(1)

where ∇2 is the Laplace operator, w is the out-of-plane displacement, B and ρp are the flexural rigidity and the
area density of the plate. B is given by B = Ept3

p/[12(1− µ2)], where Ep, µ and tp are the Young’s modulus,
the Poisson’s ratio and the thickness of the plate, respectively. fx, fy and fz are the external stress acting on
the plate surface in each direction. z is the signed distance from the mid-plane of the plate, which is tp/2 on
the upper face and −tp/2 on the bottom face, respectively. The relation between the bending-torsional moments
and the displacement is described as follows.

Mαβ =−B
[
(1−ν)

∂ 2w
∂α∂β

+δα,β ν∇2w
]

(2)

where α and β take x or y. δα,β is the component of the unit tensor. Throughout this paper, the internal loss
factor of the plate, ηp, is set as zero in order to focus on the effect of the edge damping.

2.2 Impedance boundary conditions
As Eq. (1) is the partial differential equation of fourth order, two conditions should be defined at a boundary:
one is for translational motion and the other is for rotational motion. Assuming the local reactive boundary,
these conditions can be generally described by using the mechanical and moment impedances, ZQ and ZM, as
follows.

Q̃ =

(
∂Mn

∂n
+2

∂Ms

∂ s

)
=− jωZQw, Mn = jωZM

∂w
∂n

, (3)

where Q̃, Mn, and Ms are the effective shear force, normal and torsional moments along the boundary, respec-
tively. ∂/∂n and ∂/∂ s are the normal and tangential directional derivative along the boundary, respectively.

2.3 Oblique-incidence reflection coefficient
As depicted in Fig. 1, let us consider a situation where the plane propagative bending wave impinges to the
boundary of x = 0 at an incidence angle of θ . In this semi-near field, general solution of the Eq. (1) is given
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Figure 1. Problem setting for the analysis of the plate
bending wave reflection from the impedance boundary
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Figure 2. Assumed deformations of a rectangular sup-
port material for (a) translational and (b) rotational
motions.
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as [5]

w(x,y) = (A+e− jωkBxx +A−e jωkBxx +C+e−ωkBxx)e− jkByy, (4)

where kBx = kB cosθ , kBy = kB sinθ and kEx = kB(1+ sin2θ)1/2. kB is the bending wave number on the plate
defined as kB = ω1/2(B/ρp)

1/4. Substituting Eqs. (2) and (4) into the former or latter equation of Eq. (3), the
following relations are obtained.

(γ−β+− zq)A+− (γ−β++ zq)A−− ( jγ+β−+ zq)C+ = 0, (5)
(β−− zmγ−)A++(β−+ zmγ−)A−− (β++ jzmγ+)C+ = 0, (6)

where zq,zm are the normalized mechanical impedance and moment impedance defined as zq =ωZQ/(k3
BB),zm =

ωZM/(kBB), respectively. And the following values are introduced, β± = 1 ± (1 − ν)sin2θ and γ± = (1 ±
sin2θ)1/2. Combining Eqs.(5) and (6), the oblique-incidence reflection coefficient is obtained as

r(θ) =
A−

A+
=

γ−β 2
+−2z+γ−zqzm − jγ+(β 2

−+ zqzm −2γ−zm)

γ−β 2
++2zq + γ−zqzm + jγ+(β 2

−+ zqzm +2γ−zm)
. (7)

Furthermore, oblique-incidence vibration absorption coefficient is given as α(θ) = 1−|r(θ)|2.

2.4 Equivalent impedances of a rectangular elastic support material
Let us consider deformations of a rectangular elastic support material as depicted in Fig. 2. The three-
dimensional displacements of the support material are continuous to those of the plate on the joining face
and fixed at the opposite face. Furthermore, the other faces are under the free support. In order to derive the
impedances in the closed form, the following assumptions are introduced:

1. only the one-dimensional longitudinal vibration is excited in the thickness direction of the support mate-
rial,

2. the translational out-of-plane displacement and the rotational slope of the plate are uniform over the sup-
porting depth.

The validity of the first assumptions is numerically investigated in Sect. 3. The second assumption is consid-
ered to be valid when the bending wavelength is sufficiently larger than the supporting depth. Under the first
assumption, the longitudinal modal stress in the support material of the lower side is expressed as

σz(x,z) = k1Ẽsw(x)
cos(k1z)
sin(k1hs)

(8)

where w(x) is the displacement on the joining face. The second assumption states that the displacement is
w(x) = w0 +θ0x with the constant translational displacement w0 and the constant rotational slope θ0. hs is the
thickness of the support material, k1 is the wave number of the longitudinal wave in the support material, and
Ẽs is the complex Young’s modulus defined as Ẽs = Es(1+ jηs) with the loss factor ηs. For the translational
motion, the force on the joining face, z = hs, is obtained by integrating σ(x,hs) over the supporting depth ds,
whereas for the rotational motion, the moment on the joining face is obtained by integrating σ(x,hs)× x over
the supporting depth. Considering the reaction forces of the support materials on both sides, the mechanical
and moment impedance are obtained as follows.

ZQ =
2
∫ ds/2
−ds/2 σz(x,hs)dx

jωw0
=

2ρsc̃1ds

j tan(ωhs/c̃1)
, ZM =

2
∫ ds/2
−ds/2 σz(x,hs)xdx

jωθ0
=

ρsc̃1d3
s

6 j tan(ωhs/c̃1)
(9)

where c̃1 is the speed of longitudinal wave defined as c̃1 = (Ẽs/ρs)
1/2and ρs is the material density of the

support material. Under the preceding assumptions, Eq. (9) is equivalent mechanical and moment impedance of
the rectangular elastic support material.
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Figure 3. Problem settings and domain no-
tation for calculating mechanical and mo-
ment impedances.

Table 1. Physical properties of the plate and supporting material.

property plate (glass) support (putty)

Young’s modulus [N/m2] Ep = 7.5×1010 Es = 1.0×106,
1.0×108

Poisson’s Ratio [] ν = 0.22 N/A
Loss Factor ηp = 0 ηs = 0.5

Material Density [kg/m3] ρp/tp = 2,500 ρs = 1,000
Thickness [m] tp = 0.01 hs = 0.005

Depth [m] N/A ds = 0.015

3 NUMERICAL INVESTIGATION
This section discusses the validity of the mechanical and moment impedances given in the previous section
through the finite element analysis (FEA). Figure 3 shows the problem setting and the domain notation in this
section. The boundary condition of the plate and the elastic material is free support unless otherwise indicated.
The physical properties for the calculation are listed in Table 1.

3.1 Analysis procedure of normal-incidence vibration indicators
The bending vibration field becomes one-dimensional in the strip plate, which is described as

w(x) = A+e− jkBx +A−e jkBx +C+e−kBx +C−ekBx (10)

By observing the displacements at four points, x1 to x4, the following matrix equation can be set according to
Eq. (10). 

e− jkBx1 e jkBx1 e−kBx1 ekBx1

e− jkBx2 e jkBx2 e−kBx2 ekBx2

e− jkBx3 e jkBx3 e−kBx3 ekBx3

e− jkBx4 e jkBx4 e−kBx4 ekBx4




A+

A−

C+

C−

=


w(x1)
w(x2)
w(x3)
w(x4)

 (11)

Then, the unknown amplitudes of propagative and evanescent waves, {A+,A−,C+,C−}T , are obtained by solving
the above equation. It was confirmed by a preliminary study that the theoretical impedances best approximate
those of the precise model (I) just at the middle point of the joining depth: the middle point is set as x = 0
as depicted in Fig. 5. Then, normalized mechanical and moment impedances at x = 0 and normal-incidence
vibration absorption coefficient are calculated as follows:

z′q =
A+−A−+ jC− jC−

A+−A−+C++C− , z′m =
A+−A−−C−C−

A+−A−− jC++ jC− , αn = 1−
∣∣∣∣A−

A+

∣∣∣∣2 .
3.2 Results and discussions
FEA for the model (I) is performed under shear limp and elastic conditions for the support material. The
former condition corresponds to the presented impedance model, and the shear stress is neglected in the FEA.
The default physical properties are the same as those investigated in the previous section. Calculation is done
at the 1/12 octave center frequency from 16 to 4,000 Hz. The wavelength of the bending wave on the plate at
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Figure 4. Ratio of the absolute mechanical (moment) impedance of the model (II) to that of the theoretical
model. The Young’s moduli of the support material are (a) 106 and (b) 108.

4,000 Hz is 0.16 m, and enough larger than ds. Then, the second assumption stated in Sect. 2.4 is acceptable
in this point.
Figure 4 shows calculation results: ratio of the absolute impedance of the model (II) to that of the model
(I). For the shear limp condition, the theoretical model presented in Sect. 2 well approximates the mechanical
and moment impedances around and below fq, the translational mass-spring resonance frequency. Above fq,
the support material can no longer be considered as a lumped constant system, which causes the pronounced
discrepancy. Regarding the shear elastic model, the mechanical impedance is almost the same as those of
the shear limp model. However, the moment impedance is underestimated in the entire frequency range by
neglecting the shear stress of the support material. In particular, the ratio is constant below fq. Note that these
tendencies are also observed when changing plate thickness and the support material thickness and depth.

4 NUMERICAL MODELING OF A TOTAL LOSS FACTOR MEASUREMENT
The TLF measurement by the reverberation method is often performed to get or to estimate input values for
theoretical or numerical calculations. However, it is not clear how measured values involve discrepancies from
the theoretical values for the diffuse field, which increases the uncertainty of subsequent calculations. In this
section, the TLF measurement is numerically modeled to understand the behavior of measured values. This
practical information is valuable for experimental verification of the proposed impedance model in future work.

4.1 Theoretical foundation
When the 60 dB decay time, T60, is measured, a total loss factor ηtot is obtained as

ηtot =
6ln10
ωT60

, (12)

because of the definition, γ = ηtotω , where γ is the exponential decay rate.
In the two-dimensional diffuse vibration field, the mean-free path is given as πS/ltot with the plate area S and
the total perimeter length ltot . Then the exponential decay rate, γDF, is defined by γDF = cgltotαr/πS, where
cg is the group velocity of the bending wave defined as cg = dω/dkB, and αr is the vibration absorption
coefficient for 2-D random-incidence. Based on these equations, the total loss factor in the diffuse vibration
field is theoretically given as

ηtot =
cgltotαr

πωS
. (13)

4.2 Numerical analysis conditions
Following the reference [6], calculation arrangement is set as illustrated in Fig. 5. In the FEA, all perimeters
are set as impedance boundaries because this measurement is usually performed for specimens in normal service
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Figure 6. Loss factors calculated for the plate with different sizes and
the same aspect ratio. The Young’s moduli of the support material are
(a) 106 and (b) 108.

condition. The impedance values are given by Eq. (9). Calculation is executed in 0.5 Hz intervals from 0 to
2000 Hz. Subsequently, the transfer function of the acceleration response is converted to the transient response
by the inverse Fourier transform. The reverberation time, T60, is determined by the least square regression of the
energy decay curve obtained by the backward integration of the filtered transient response. The total loss factor
is determined by Eq. (12) and the 5-point-average of T60. It is well known that the reverberation of the band-
pass filter (BPF) itself affects the reverberation time (RT) of the filtered response. In order to approximately
equalize the cut-off characteristics among the different bands, the order of the 1/3-octave band FIR filter of the
center frequency fc is set as N ×2M , where N is the order at 1 kHz and M is calculated by

M = ⌊log2(1000/ fc)+0.5⌋,

and in this case, N = 64 is appropriate by a preliminary study.

4.3 Results and discussions
4.3.1 Effect of the plate size
It is obvious from Eq. (13) that TLF of a vibration system depends on the area and the total perimeter length.
The TLF are calculated for three sizes of the plates: 40 % smaller and larger plates than the default size.
Figure 6 compares calculated results with the theoretical values for the diffuse vibration field. The calculated
results appear to capture the frequency trends of the theoretical values. Furthermore, TLFs for the smaller plate
fluctuate more than those for larger plates do. However, the calculated values are two to four times larger
than the theoretical values in the entire frequency range. In general, the measurement of the sound absorption
coefficient by reverberation room method involves two main error factors that cause the discrepancy from the
theoretical value under the diffuse field assumption. One is the lack of the diffusivity, which usually appears
as the underestimation of the sound absorption coefficient. The other is the diffraction at the edge of the
finite specimen, which usually appears as the overestimation of the sound absorption coefficient. Similarly, the
TLF measurement on the rectangular plate involves the non-diffuseness and the diffraction effects, and the latter
seems to be predominant. Although all perimeters are impedance boundaries in the present study, the diffraction
effect is considered to occur at the plate’s corners.

4.3.2 Effect of the support material’s properties
Figure 7(a) shows the calculated TLF with changing the support material’s loss factor and fixing the Young’s
modulus to 1.0× 106 N/m2. Figure 7(b) shows the calculated TLF with changing the Young’s modulus of
the support material and fixing the loss factor to 0.5. As discussed in the above, the discrepancy between
calculated and theoretical values appears to be large around the mass-spring resonance frequency at which the
TLF becomes high. Inverse estimation of the support material’s physical parameters or equivalent resistance,
stiffness and inertance constants is often performed in order to obtain the input parameters for theoretical and
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Table 2. The types of the measured window.

glass thickness [m]
front side 0.004
back side 0.006

thickness of air layer [m] 0.002
sash material aluminum
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Figure 9. Measured Loss factors on individual excitation
and receiving points

numerical calculations [7]. However, from the above observations, the support material’s damping parameter
such as the loss factor and equivalent resistance constant can be overestimated.

5 EXPERIMENTAL MEASUREMENT OF THE TOTAL LOSS FACTOR
In the previous sections, it is clarified how different the measured value is from the theoretical one. Following
that, this section reports the results of TLF measurement of a real window system.

5.1 Measurement conditions
Figure 8 and Table 2 demonstrate the set-up of the measurement. We arranged double pane windows for certain
reasons, although the glass plate with supporting putty is investigated assuming a single pane window in the
previous section. Also, the physical property of the windows is not clear as the reason for the difficulty of
measurement. Therefore, the purpose of this section is following the tendency of measured values. In this
measurement, two excitation points and five receiving points are set, and each measurement is repeated three
times. The windows are excited by dropping a steel ball of 20 mm diameter 100 mm above the window, and
this vibration is measured by an acceleration pickup at five receiving points. Finally, the total loss factor of
windows is determined by measured T60 by averaging the measurements of 30 times and Eq. (12). Note that
the taps of the FIR filter are set as 128×2M by preliminary analysis. Measurement is analyzed at the 1/3 octave
bands from 100 to 5000 Hz.
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5.2 results and discussions
Figure 9 shows measured TLF by individual measurement and its averaging value. Results on same excitation
and receiving points are illustrated by the same color. While the measured values of TLF at the same condition
are very close in the entire frequency range, the ones on different conditions vary widely in low frequencies.
However, estimating the equivalent impedance can be enable based on this result, and it can lead to accurate
simulation of the sound transmission loss.

6 CONCLUSION
In this paper, mechanical and moment impedances of a rectangular supporting elastic material were derived
in closed form with the some assumptions. Theoretical analysis was provided to investigate the behaviors of
bending wave absorption at the impedance boundary. Incidence angle dependency of the vibration absorption
coefficient was confirmed to be weak until about 60-degree-incidence. The proposed impedances were compared
with those of the precise support material model by the finite element analysis. This study confirmed that
the presented mechanical impedance agreed well with the precise model around and below the translational
mass-spring resonance frequency. On the other hand, the presented moment impedance was underestimated
in entire frequency range due to neglecting the shear reaction of the support material. Furthermore, above
the translational mass-spring resonance frequency, the support material can no longer be replaced as a lumped
constant system. Thus the impedance boundary model does not sufficiently simulate the behavior of the precise
model in particular at high frequencies.
Numerical modeling of the loss factor measurement was performed in order to investigate the difference between
the theoretical and measured values. Compared with the theoretical TLF under the diffuse field assumption, the
calculated values were overestimated due to the diffraction effect and the self-reverberation of the band pass
filter. This tendency should be kept in mind when conducting inverse estimation of the support material’s
physical parameters or equivalent resistance, stiffness and inertance constants.
Finally, experimental measurement is executed. Although this condition widely differs from numerical measure-
ment in Sect 4, the result implies the numerical measurement corresponds to the experimental ones.
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Simplified prediction of the vibration reduction indices of double wall
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Abstract
Heavyweight cavity walls are commonly used as party wall between row houses and between dwellings in apart-
ment buildings in Belgium. The double wall junctions complicate the prediction of flanking transmission. In this
paper, empirical rules for the vibration reduction indices of rigid double wall T- and X-junctions are proposed.
They are determined from Monte Carlo simulations carried out with a statistical model that was previously val-
idated by laboratory measurements. In general, a double wall junction can be replaced by an equivalent single
wall junction in flanking transmission models. The EN ISO 12354 approximation of a double wall T-junction by
an equivalent single wall X-junction proves justified. For double wall X-junctions, the thickness of the equiva-
lent single walls should be either the thickness of a single leaf or the total thickness of both double wall leafs,
depending on the transmission path of interest.

Keywords: Sound, Insulation, Flanking

1 INTRODUCTION
The vibration reduction index Ki j is an important input quantity in building acoustical models for flanking

transmission. The standard ISO 12354-1 [1] gives empirical models based on measurements and simulations for

single plate junctions. According to the standard, a double wall T-junction (called Π-junction in this paper) can

be approximated by a single wall X-junction. No model is however given for double wall X-junctions (further

called H-junction), whereas this type of junction is commonly encountered in Belgium.

The vibration transmission across double wall junctions has been analyzed by means of measurements [2, 3]

and simulations [4, 5, 6, 7]. Both measurement [2] and simulation [5] results have proven that an equivalent

single wall X-junction can give good estimates for the vibration reduction indices of double wall junctions.

Because the experimental and numerical validation was only performed for a few particular case studies, little

is known about the general validity and accuracy of these single wall approximations. Crispin et al. [4] have

developed new expressions for the Ki j of H-junctions based on a large number of FEM calculations. The Ki j-

expressions are function of the PC-ratio [1] which incorporates both the surface mass ratio and the bending

stiffness ratio of the plates. The difficulty of determining the bending stiffness currently limits the applicability

of these expressions.

Because simplified, empirical formulae as a function of mass ratio are available for the vibration reduction

indices of different types of single wall junctions [1], this paper investigates whether double wall Π- and H-

junctions can be modeled as equivalent single wall junctions to estimate their vibration reduction indices.

The figures in table 2 show diagrams of the Π- and H-junctions analyzed. Only symmetric Π- and H-junctions

are considered in this paper. This means that the properties of plate 1 and plate 2 are the same, as well as the

properties of plates 3 to 6.

For the double wall Π-junction, the following equivalent single wall junction has been investigated:

• X’-junction where the single walls have the same thickness and density as one of the cavity leafs of the

double wall.

For the double wall H-junction, three equivalent single wall X-junctions have been investigated:
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• X’-junction where the single walls have the same thickness and density as one of the cavity leafs of the

double wall (blue results in figure 2)

• X”-junction where the single walls have double the thickness (i.e. the total thickness of the cavity leafs)

and the same density as one of the cavity leafs of the double wall (red results in figure 2)

• X”’-junction where the single walls have the same thickness and double the density as one of the cavity

leafs of the double wall (green results in figure 2).

To check the validity limits and general accuracy of the prediction rules, an extensive set of simulations has

been performed.

2 SIMULATIONS
2.1 SEA model
The vibration transmission across the single and double wall junctions is modeled using an SEA model. While

the influence of the modal behaviour of the plates may be important, like shown by finite element models

[3, 4], spectral finite element models [7] and wave based models [3, 6], SEA modeling is suitable to investigate

general trends. The SEA model for the double wall junctions is described in detail in [5]. The model assumes

homogeneous, acoustically thin plates and unpinned junction lines. Each plate is represented by three subsys-

tems to incorporate bending, quasi-longitudinal, and in-plane transverse waves. The coupling loss factors are

determined from wave theory for semi-infinite plates under the assumption of diffuse vibration fields. An offset

has been taken into account for the double walls, equal to half the thickness of the continuous floor or wall, as

this proved important when validating the model with measurement results [3].

2.2 Input for Monte Carlo simulations
The direction average velocity level difference has been calculated for 16 different floors/walls (table 1), re-

sulting in a set of 240 Π- and H-junctions. Originally, the model was used to investigate horizontal Π- and

H-junctions composed of concrete floors and different types of double walls. Afterwards, the analysis was ex-

tended to Π- and H-junctions representing a vertical junction of single and double walls. In this way, also mass

ratio’s m3/m1 � 1 are included in the investigation. As the cavity thickness does not significantly influence the

vibration reduction index [5], it was kept constant at 5cm.

Table 1. Plate properties

Thickness Density Young’s Poisson’s Loss factor

t ρ modulus E ratio ν η
[cm] [kg/m3] [×109 Pa] [-] [-]

Concrete 12; 20; 28∗ 2500 33 0.2 0.015

Concrete bricks 9; 14 1700 20 0.2 0.015

Aerated concrete 10; 15 650 1.8 0.2 0.015

Sandlimestone 15; 24 1800 16 0.2 0.015

Sandlimestone brickwork 15 1300 11 0.2 0.015

Gypsum blocks (lightweight) 10 900 5.4 0.2 0.015

Gypsum blocks (heavyweight) 10 1100 6.6 0.2 0.015

Masonry bricks (lightweight) 9; 14 800 2.8 0.2 0.015

Masonry bricks (heavyweight) 9; 14 1200 3.7 0.2 0.015
∗ not used for the double walls (plates 3-6)
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Figure 1. Estimation error as a function of the mass ratio m3/m1 for the average vibration reduction indices

over 200−1250Hz of the double wall Π-junction, when modeled as an equivalent single wall X-junction.

2.3 Simulation results
2.3.1 Double wall Π-junction
The double wall Π-junction can be relatively well approximated by an equivalent single wall X-junction of

which the walls have the same mass as the cavity leafs of the double wall. Figure 1 shows the estimation

error (i.e. Ki j,X ′ −Ki j,Π) for the average vibration reduction index over the frequency bands 200−1250Hz as a

function of the mass ratio m3/m1 for the different flanking paths.

For the transmission paths 1-2 (figure 1a), 1-3 (figure 1b) and 1-4 (figure 1c), the estimation error is negligible

when the double wall leafs are much lighter than the single walls (m3/m1 � 1). The discrepancy between the

Π- and X’-junction becomes larger for increasing mass ratio m3/m1. For the path 1-3 (figure 1b) the equivalent

single wall X-junction gives an overestimation of the average vibration reduction index up to 3dB. The average

vibration reduction index of path 1-4 (figure 1c) is estimated by the equivalent X’-junction with an accuracy

of 2dB. It can be noted that the difference Ki j,X ′ −Ki j,Π is always larger for the path 1-3 than for the path

1-4, because the vibration reduction index K14,Π is always larger than K13,Π and the same estimation K13,X ′ is

used. For the transmission path 3-4 between the double wall leafs (figure 1d), the estimation error decreases

from +1.5dB (i.e. an overestimation) for m3/m1 � 1 to approximately −1dB (i.e. an underestimation) for

m3/m1 � 1.

2.3.2 Double wall H-junction
Figure 2 shows the estimation errors for the average vibration reduction indices for the three equivalent single

wall X-junctions used as approximation for the double wall H-junction in function of the mass ratio m3/m1.

Generally, the X-junction that uses an equivalent single wall with double the thickness of the double wall leafs

(red) does not give a good estimation of the vibration reduction index when the transmission path includes at
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Figure 2. Estimation error as a function of the mass ratio m3/m1 for the average vibration reduction indices

over 200−1250Hz of the double wall H-junction, when modeled as an equivalent X-junction with single walls

having the same thickness/density (blue), double thickness (red) or double density (green) compared to a single

cavity wall leaf of the H-junction.

least one double wall leaf (figures 2b-2f). The vibration reduction index is largely underestimated for small

mass ratio’s m3/m1. When the mass ratio increases, the underestimation becomes smaller for the transmission

paths including two double wall leafs (figures 2d-2f). For the transmission paths including only one double leaf

wall (figures 2b-2c), the equivalent X-junction with double thickness gives an overestimation of the vibration

reduction index when m3/m1 > 1 .

The transmission paths that include at least one double leaf wall can be best approximated by the equiva-

lent X-junctions with same thickness/density (blue) or double density (green) (figures 2b-2f). On average, the

transmission path 1-3 (figure 2b) is underestimated by 1dB by the equivalent X-junction with same thickness/

density. For the transmission paths 3-4 (figure 2d) and 3-5 (figure 2e), the vibration reduction indices are gen-

erally underestimated by 1 to 2dB. For the transmission paths 1-4 (figure 2c) and 3-6 (figure 2f), the models

with same thickness/density (blue) or double density (green) give a slight underestimation for small mass ratio’s

m3/m1, but the average Ki j is underestimated by up to 5dB for mass ratio’s close to 1.

2.4 Prediction rules
For Belgian construction practices, the cases for which the double wall leafs are lighter than the continuous

plate of floor (m3/m1 < 1) are the most relevant. Table 2 gives empirical prediction rules that are derived from

the Monte Carlo simulation results in the range m3/m1 < 2. The aim is to provide prediction rules as simple as
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Table 2. Prediction rules for double wall Π− and H-junctions with m3/m1 < 2

K12,Π = K12,X ′

K13,Π = K14,Π = K13,X ′

K34,Π = K34,X ′

K12,H = K12,X ′′

K13,H = K13,X ′ +1dB

K14,H = max

{
K13,X ′ +1dB

K13,X ′′

K34,H = K34,X ′

K35,H = K34,X ′ +1dB

K36,H = K34,X ′ +2dB

possible while limiting the estimation errors. Especially a large overestimation of the vibration reduction index

needs to be avoided for robust design practice.

For the double wall Π-junction, the rules of table 2 concur with the approximation given in annex J of ISO

12354-1 [1]. While these rules generally give accurate estimations for the vibration reduction indices Ki j,Π when

m3/m1 < 2 (with a maximum overestimation of 1dB), the overestimation is more significant when m3 � m1.

For transmission path 1−3, the overestimation can already reach 2dB when m3/m1 > 1.

For the double wall H-junction, the newly developed prediction rules give a maximum overestimation of 1dB

when m3/m1 < 2. The underestimation can be larger, with values up to 3dB in some specific cases. The

transmission paths 1−4 and 3−6 proves most difficult to predict, as all three equivalent X-junction give large
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Figure 3. Estimation error as a function of the mass ratio m3/m1 for the average vibration reduction indices

K14,H over 200−1250Hz of the double wall H-junction when using the estimation of table 2

underestimations when m3 < m1 (figures 2c and 2f). To minimize the underestimation of K14,H , it is suggested

to use the maximum of (i) the Ki j-value for the case with same thickness/density (blue) plus 1dB and (ii) the

Ki j-value for the case with double thickness (red). By use of this new proposal, the underestimation can be

limited to 3dB (figure 3). For the path 3−6, it is suggested to use the Ki j-value for the equivalent X’-junction

with same thickness/density augmented by 2dB.

3 EXPERIMENTAL VALIDATION
To validate the models and prediction rules of table 2, vibration reduction index measurements have been carried

out on a half scaled test bench (figure 4a). A first series of measurements (figure 4b) was performed on

junctions composed of a continuous concrete floor (t f = 0.10m, m1 = 230kg/m2) and single and double gypsum

block walls (tw = 0.07m, m3 = 65kg/m2) [3]. A second series (figure 4c) was performed on junctions with a

continuous concrete floor (t f = 0.10m, m1 = 230kg/m2) and concrete block walls (tw = 0.09m, m3 = 198kg/m2).

The measured average vibration reduction indices over the frequency range 400Hz− 2.5kHz (corresponding

to 200Hz-1250Hz in real scale) for the double wall junctions are summarized in table 3, together with the

estimated values from the measured vibration reduction indices for the equivalent single wall X’-junction and

the estimation errors. Because an equivalent X”-junction with double thickness walls has not been measured,

the prediction rules for paths 1−2 and 1−4 of the H-junction cannot be validated.

In general, the vibration reduction indices of the gypsum block double wall junctions are slightly overestimated

(a) (b) (c)

Figure 4. Measurement set-up of a gypsum block double wall Π-junction (b) and a concrete block double wall

H-junction (c) on a half scaled test bench for vibration transmission measurements [3].
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(on average 1.2dB), while the simulations suggest a better agreement for this small mass ratio of m3/m1 = 0.28.

The largest estimation error is found for the wall-wall path K34,Π. This could be expected as the simulations

also indicate that the prediction rule for K34,Π gives an overestimation for the smaller mass ratio’s.

The absolute values of the estimation error are larger for the concrete block double wall junctions, but gener-

ally on the safe side (i.e. an underestimation of the vibration reduction index). This larger uncertainty is in

accordance with the larger spread in the simulation results around this mass ratio m3/m1 = 0.86.

Table 3. Measurement results (arithmetic average of Ki j between 400Hz and 2.5kHz)

Gypsum blocks Concrete blocks

double wall estimation from over- double wall estimation from over-

measurement Ki j,X ′ measurement estimation measurement Ki j,X ′ measurement estimation

K12,Π = 6.8dB K12,X ′ = 8.0dB +1.1dB K12,Π = 6.4dB K12,X ′ = 8.4dB +2.0dB

K13,Π = 15.1dB K13,X ′ = 16.4dB +1.3dB K13,Π = 11.1dB K13,X ′ = 11.0dB −0.2dB

K14,Π = 15.9dB K13,X ′ = 16.4dB +0.5dB K14,Π = 12.1dB K13,X ′ = 11.0dB −1.2dB

K34,Π = 18.2dB K34,X ′ = 21.7dB +3.5dB K34,Π = 14.8dB K34,X ′ = 14.4dB −0.4dB

K13,H = 16.2dB K13,X ′ +1 = 17.4dB +1.1dB K13,H = 14.6dB K13,X ′ +1 = 12.0dB −2.6dB

K15,H = 18.3dB K14,X ′ +1 = 20.0dB +1.7dB K15,H = 12.7dB K14,X ′ +1 = 13.5dB +0.8dB

K34,H = 20.5dB K34,X ′ = 21.7dB +1.2dB K34,H = 18.5dB K34,X ′ = 14.4dB −4.1dB

K35,H = 22.1dB K34,X ′ +1 = 22.7dB +0.6dB K35,H = 17.3dB K34,X ′ +1 = 15.4dB −1.9dB

K36,H = 23.6dB K34,X ′ +2 = 23.7dB +0.1dB K36,H = 18.4dB K34,X ′ +2 = 16.4dB −1.9dB

4 SUMMARY AND CONCLUSIONS
Simplified formulae are proposed for the vibration reduction index of rigid double wall Π- and H-junctions.

They allow to estimate the vibration reduction index of double wall junctions using existing semi-empirical

formulae for rigid, single wall junctions. The empirical rules are determined from Monte Carlo simulations

carried out with a statistical model. The simulation results indicate that the estimations are most accurate

when the mass ratio m3/m1 is small, meaning that the double wall junction can be well represented by an

equivalent single wall junction as long as the double wall leafs are relatively light compared to the continuous

single floor or wall. The simplified formulae have been validated by two sets of vibration reduction index

measurements. For the double gypsum block walls, the rules give an average overestimation of the double

wall vibration reduction index of 1.2dB. For the double concrete block walls, the vibration reduction index is

generally underestimated with an average absolute estimation error of 1.7dB. Future research should investigate

whether these estimations can also be used for asymmetric junctions and junctions including elastic interlayers.
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ABSTRACT 
Cross laminated timber (CLT) as building material has rapidly gained in popularity in recent years, and 
thereby also the demand of engineering tools to predict the sound insulation through CLT walls. The sound 
reduction through walls of single and double panels is predicted and the results are compared with those 
found in the literature as well as with a series of measurements conducted in a test mock-up of two rooms. 
Various configurations are considered where the plate thickness, addition of plaster boards and cavity 
distance (in case of a double panel) are altered. The prediction of single panel walls is based upon an 
established model (by Sharp) for homogenous materials, based upon theory and empirical data. For optimized 
application to CLT constructions specifically, the model is modified to some extent. The double panel walls 
are analytically modelled under the presumptions of no mechanical connection between the two panels and 
a cavity filled with mineral wool. The model make use of the results from the developed model for individual 
panels. The accuracy of the predicted sound insulation is estimated to be within a couple of dB’s concerning 
the weighted sound reduction indexes from 100 and 50 Hz. 
 
Keywords: Sound insulation, Cross Laminated Timber, Modelling 

1. INTRODUCTION 
The interest to use of CLT – Cross Laminated Timber – in building frames has rapidly increased 

over just a few years. CLT panels are in many ways easy to handle, are light (compared to concrete), 
have high bearing capacity and can handle large spans. Another important aspect is that CLT is a 
sustainable and renewable material. 

A CLT panel consists of planks, often 20-30 mm thick, glued together in typical 3-7 layers of 
orthogonal orientation, see Figure 1. 

 
 
 
 
 
 
 
 
 
 
 
 

Figure 1 – Example of CLT panels. 
 
In this paper, the sound insulation of single and double wall panels is in focus. The purpose is to 

find out how accurate established analytical models, slightly modified if needed, can predict the 
airborne sound insulation. 

3-layer 
 

5-layer 

 
7-layer 

242



 

 

2. SINGLE PANEL WALLS 

2.1 Model 
The calculations originate from Sharps’s model from 1978 (1), a model that is based upon theory 

but also to some extent has been adjusted to empirical data. The model is divided into three frequency 
regions related to the panel’s coincidence frequency fc; 1) f below half the coincidence frequency, 2) 
f around fc and 3) f above the coincidence frequency. The sound reduction is calculated accordingly: 

 

f ≤ fc/2 R=20log(Mf)-48     6 dB/octave band 
f = fc  Rc=20log(Mfc)+10log(η)-40  
f > f  R=Rc+30log(f/fc)   9dB/octave band 
  

where M is the surface weight (kg/m2) and η is the loss factor of the panel. 
Sharp’s model has in the next phase undergone a couple of modifications in order to work 

especially well for CLT panels including better matching against available measurement data. The 
idea to several of the modifications are found in (2). 

 
a) For f ≤ fc/2 the constant take the value 48 dB for thicknesses up to 130 mm, for thicknesses 

from 180 mm 47 dB is used and between 130-180 mm a successive adjustment of 0,2 dB per 
10 mm take place. Within the literature, both 47 (2-3) and 48 dB (1) is reported. 

b) In the region fc/2 < f ≤ fc, the sound reduction takes the same value as for fc/2, the so called 
coincidence dip thereby gets less pronounced.  

c) The sound reduction of twice the coincidence frequency is calculated taking the loss factor 
into account 

d) For f > 2fc, the slope of curve is 6 dB/octave band 
 

The described adjustments leads to the following set of equation to model the sound reduction: 
 

I. f ≤ fc/2 R=20log(Mf)-k*     6 dB/octave band 
II. fc/2<f ≤ fc R=Rc/2    0 dB/octave band 
III. f = 2fc R2c= Rc/2+10log(η)+23 
IV. f > 2fc R=R2c+20log(f/2fc)  6 dB/octave band 

*) k=48 for t ≤ 130 mm, k=47 for t ≥ 180 mm  
 
The sound reduction is thus divided into four frequency regions, shown in Figure 2.  
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 2 – The sound reduction model is divided into four frequency regions. 

Sound reduction, R 
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 The material parameters for a number of modeled panels are presented in Table 1 together with 
the calculated coincidence frequency according to equation 1. The CLT density is auumed to be 400 
kg/m3 and the Young’s modulus (4), Poisson’s ratio (5) and loss factor (6) have been obtained from 
the given references. 

𝑓𝑓𝑐𝑐 =
𝑐𝑐2

2𝜋𝜋
�12𝑀𝑀(1−𝜈𝜈2)

𝐸𝐸𝑡𝑡3        (1) 

 
Table 1 – Parameters of CLT panels 

Thickness (mm) 70 90 120 140 160 180 210 300 

Youngs’ m. (GPa) 10,2 10,6 7,86 7,11 9,82 7,86 7,89 8,16 

Poisson’s ratio 0,3 0,3 0,3 0,3 0,3 0,3 0,3 0,3 

Loss factor 0,01 0,01 0,01 0,01 0,01 0,01 0,01 0,01 

Weight (kg/m2) 28 36 48 56 64 72 84 120 

Coinc.f. (Hz) 175 134 116 105 78 78 66 46 
 

2.2 Results 
Examples of sound reduction curves for CLT panels of three different thicknesses; 70,120 and 210 

mm are shown in Figure 3. The single number ratings Rw and Rw,50 (abbreviation for Rw + C50-3150) for 
all modelled configurations are presented in Table 2 and Figure 4. The effect of adding one or two 
layer of gypsum board (9 kg/m2) is included in Table 2. In the presence of gypsum board, only the 
additional mass is considered by the model, possibly influence from other material parameters are 
overseen. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Figure 3 – Sound reduction for CLT panels of three thicknesses; 70, 120 and 210 mm. 

KL 210  Rw=41   Rw,50=39 

KL 120  Rw=36   Rw,50=34 

KL 70   Rw=31   Rw,50=30 

Sound reduction, R 
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Table 2 – Singe number ratings of single panel walls. 

Plate 

thickness 

CLT CLT + 1 gypsum board CLT + 2 gypsum board 

Rw Rw,50 Rw Rw,50 Rw Rw,50 

65 31 30 - - - - 

70 31 30 34 32 36 34 

90 33 32 35 34 37 35 

100 34 33 36 34 37 36 

120 36 34 37 36 38 37 

140 37 35 38 37 39 38 

160 38 37 40 38 41 39 

180 40 38 41 39 42 40 

210 41 39 42 40 43 41 

240 42 40 43 41 44 42 

300 44 42 45 43 45 43 

320 45 43 - - - - 
 

2.3 Comparisons 
The calculated single number ratings are compared with those found from the literature (7-16). The 
references are a mix of results reported from measurements as from other theoretical models. Overall, 
the matching seems satisfactory with most of the references within ±1 dB from the predicted value, 
but also note the lack of validation for greater thickness than 180 mm. 

   
Figure 4 – Single number ratings of CLT panels. Open circles are predicted values and filled 

colored circles represent verifying data from various references. 

3. DOUBLE PANEL WALLS 

3.1 Model 
The model for the double panel walls start with modelling the individual panels according to 

previous section. The special characteristic of a double wall is then applied in accordance to Sharp 
(1) where the double wall resonance f0 and the limiting frequency fl, equation 2 and 3 respectively, 
take a central role. 

 

𝑓𝑓0 =
𝑐𝑐

2𝜋𝜋
�1,8(𝑀𝑀1−𝑀𝑀2)

𝑑𝑑𝑀𝑀1𝑀𝑀2
      (2) 
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𝑓𝑓𝑙𝑙 =
𝑐𝑐

2𝜋𝜋𝑑𝑑
         (3) 

 
where M1 and M2 are the weight of the individual panels and d is the free distance in between. The 
model assumes a cavity filled with mineral wool and without any sound bridges between the plates, 
e.g. studs. 
 The sound reduction is calculated within three frequency regions: 
  

I. f ≤ f0 R=20log((M1+M2)·f)-k*  6 dB/octave band 
II. f0 < f < fl R=R1 + R2 + 20log(fd)-29     
III. f ≥ fl  R= R1 + R2 + 6   

*) k=48 for t ≤ 130 mm, k=47 for t ≥ 180 mm  
 

where R1 and R2 are the sound reduction from the individual panels. 
 

3.2 Results 
The outcome for a number of various wall configurations is summarized in Table 3. All the walls 

are symmetric, the single panel thickness range from 70 to 160 mm and the cavity from 45 to 145 mm. 
The configurations are modelled with and without complementary gypsum boards. 
 

Table 3 – Data of calculated sound insulation of double CLT walls. Configuration is given as CLT-
cavity-CLT and G indicates gypsum board. 

 

Config. f0 (Hz) fl (Hz) Rw Rw,50  Config. Rw Rw,50 

70-45-70 102 1200 46 43  G70-45-70G 51 48 

70-70-70 81 780 50 46  G70-70-70G 54 51 

70-95-70 70 580 52 49  G70-195-70G 57 53 

70-120-70 62 460 54 50  G70-120-70G 59 55 

70-145-70 57 380 56 51  G70-145-70G 61 56 

120-45-120 78 1200 53 49  G120-45-120G 56 52 

120-70-120 62 780 57 52  G120-70-120G 60 55 

120-95-120 53 580 59 55  G120-95-120G 62 58 

120-120-120 47 460 61 57  G120-120-120G 64 60 

120-145-120 43 380 63 58  G120-145-120G 66 61 

160-45-160 67 1200 56 51  G160-45-160G 58 53 

160-70-160 54 780 60 54  G160-70-160G 62 56 

160-95-160 46 580 63 56  G160-95-160G 65 58 

160-120-160 41 460 65 58  G160-120-160G 67 60 

160-145-160 37 380 66 60  G160-145-160G 69 62 
  

3.3 Comparisons 
Reported values for this specific type of walls are limited in the literature. A few references (9, 12-

13) referring to measurements in laboratory are valid for comparisons, see Table 4. 
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Table 4 – Comparisons of single number ratings of double panel walls. 

Configuration 
LAB.MEASUREM. MODELLING DIFFERENCE 

Rw Rw,50  Rw Rw,50  Rw Rw,50  

    65-100-65  55 52 54 50 -1 -2 

   100-60-100   52 - 52 49 0 - 

   100-110-100 ≥ 55 ≥ 53 56 52 ≈1 ≈-1 

  G100-110-100G ≥ 56 ≥ 55 60 55 ≈4 ≈0 
 
Another comparison is done from horizontal measurements conducted inside a two room test 

mockup (17), Table 5. As the measurements includes flanking transmission of the mockup, the sound 
reduction should take a lower value compared to the calculations, and a difference of 1-4 dB is noticed 
for most of the configurations. However, focusing on the difference between the configurations, the 
difference in sound insulation is rather similar for measurement and calculation for many of the 
configurations. 

 
Table 5 – Comparisons of single number ratings of double panel walls. 

Configuration 
MOCK-UP MEASURE. MODELLING DIFFERENCE 

Rw Rw,50  Rw Rw,50  Rw Rw,50  

70-70-70 50 45 50 46 0 1 

G70-70-70G 56 50 54 51 -2 1 

G70-145-70G 59 55 61 56 2 1 

120-70-120 53 50 57 52 4 2 

G120-70-120G 58 53 60 55 2 2 

120-145-120 59 56 63 58 4 2 

G120-145-120G 61 58 66 61 5 3 

160-45-160 53 49 56 51 3 2 

G160-45-160G 56 52 58 53 2 1 

G70-70-160G 58 54 59 54 1 0 
 

4. DISCUSSION AND CONCLUSIONS 
The modelled sound insulation for single CLT panels showed in terms of single number ratings (Rw 

and Rw,50) good agreement with corresponding values found from literature references. The proposed 
model, a modified version of Sharp’s approach, may therefore serve as an engineering tool in 
predicting the sound insulation performance. The deviation between measured and predicted ratings 
was within ±2 dB in all cases but typically ±1 dB. 

When it comes to walls of double CLT panels, the results indicate a fairly agreement with available 
data for validation. But due to the limited amount of reference data, it is hazardous to quantify the 
uncertainty until further validating measurement results are found. The results indicates that a double 
CLT panel wall, with appropriate combination of plate thickness and cavity depth, will serve as a good 
alternative in terms of sound insulation when it comes to partitions between apartments. 
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ABSTRACT 

Prediction of the sound insulation (SI) of modern thermal insulation systems for exterior walls is 
considered. These products all have in common a lightweight insulating layer of primarily thermal 
function (which may consist of a porous or non-porous material), and a weatherproof finish; the 
systems measured in the laboratory included a grout and skim finish or a prefabricated cladding 
system. In all cases, a typical heavyweight exterior wall was cladded. Modern examples of such 
systems are ETICS (External thermal insulation composite systems) and curtain walls. In their 
simplest form, such cladding systems can be modelled as a spring-mounted mass. However, 
Austrian standards demand that the spring-mounted layer be combined with structural fixings. In 
the examined cases sparse distributions (up to 12 connections/m2) of point connections were used. 
The SI of simplified and typical thermal cladding systems (i.e. with and without structural fixings) 
were measured in an accredited laboratory facility and these results were compared with a 
calculation method to determine SI. The possibility of using established methods to determine the 
coupling loss factors in such combined systems was considered. The structural wall is of 
heavyweight construction, and the SEA problem can be simplified to a primary path analysis. 
 
Keywords: SRI, thermal cladding, insulation 

1. INTRODUCTION 
Current state of the art to determine accurate sound insulation data for heavyweight 

thermally clad exterior wall systems in Austria is to methodically measure each system or to 
determine an airborne sound insulation improvement (1) (Annex B) and sum it with a base 
wall construction. The potential exists to establish a model that can predict the sound 
insulation (SI) of thermal insulation systems for exterior walls. Prerequisites of a prediction 
model are flexibility and general applicability; providing a planning tool with current data 
for modern systems. In the historical development of such systems, insulation thicknesses of 
between 40mm and 80mm (typical in the 1980s) have risen to more frequently used 200mm 
to 300mm thicknesses today, due to significantly higher thermal insulation requirements. 
Refurbishment can also include the application of thermal insulation to an exterior wall of 
an old building with the intention of improving building physics parameters and the added 
benefit of an enhanced architectural appearance.  

All such systems have in common a typical heavyweight exterior wall cladded with a 
lightweight insulating layer (of primarily thermal function which may consist of a porous or 
non-porous material), and a weatherproof finish; This finish can be a grout and skim or a 
prefabricated cladding system. Modern examples of such systems are ETICS (External 
thermal insulation composite systems) and curtain walls. In their simplest form, such 
cladding systems can be modelled as a spring-mounted mass. However, in the real world, 
Austrian (2) (and European (3)) standards demand that the spring-mounted layer be 
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combined with structural fixings.  
The SI of simplified and typical thermal cladding systems (i.e. with and without structural 

fixings) were measured in an accredited laboratory facility and these results are compared 
with calculation methods to determine SI. The project work is framed by an underlying desire 
among participating manufacturers to augment a single-figure weighted sound-reduction 
index (RW) with frequency-dependent data. The structural walls are all of heavyweight 
construction. The systems were measured in an accredited Austrian laboratory and were 
compared with simple modelling methods. 

2. SAMPLE DESCRIPTIONS 
A 320mm brickwork wall constructed from rockwool filled cellular brickwork was clad with 

160mm expanded polystyrene (EPS) with varying detail. Two thickness of weatherproof layer 
were used and sparse distributions (up to 12 connections/m2) of point connections were 
considered. Five samples and the base wall were examined. The constructions are 
summarized in table 1. 

Table 1 – Wall samples (1for this construction a calculated result only is presented) 

Base wall 
EPS thickness, 

mm 

Render thickness, 

mm 

Number of anchors, 

/m2 

320mm cellular brickwork -- -- -- 

320mm cellular brickwork 160 10.2 -- 

320mm cellular brickwork 160 3.9 -- 

320mm cellular brickwork 160 10.2 6 

320mm cellular brickwork1 160 10.2 10 

320mm cellular brickwork 160 10.2 12 

 
To measure the acceleration level difference, small samples consisting of one EPS plate 

(dimensions 1000 mm x 500 mm) were attached to the brickwork wall and a thin layer of 
render <4.0mm was applied. Four small samples each with increasing percentage areas of 
adhesive covering were compared to assess the effect of differences in the glue layer. The 
coverings were 100%, 70%, 40% and 20% of the area of the EPS panel. 

3. CALCULATION METHODS 

3.1 Non-resonant path 

The non-resonant path through the heavyweight wall was defined using (4): 

𝜂 =
𝑐 𝑆

4𝜔𝑉

2𝜌 𝑐 𝐾

𝜔(𝜌 𝜌 𝜔 − 𝐾(𝜌 + 𝜌 ))
 (1) 

Where c0 is the speed of sound in air, S is the surface area of the wall, ω is the angular 
frequency, Vi is the volume of the adjacent room, ρ0 is the density of air, K is the dynamic 
stiffness per unit area, ρi and ρj are the mass per unit area of the coupled plates. This formula 
is typically used to define an air spring but is equally applicable to any spring attached 
element to the wall. In this case, the spring stiffness of the resilient material layer and the 
spring stiffness of point (or line) fixings can be summed in parallel (4). 

3.2 Resonant path 

The resonant path was defined using a point connection model described in Hopkins (5) 
and Craik et. al. (6): 

𝜂 =
𝑟

𝜔𝜌

Re{𝑌 }

𝑌 + 𝑌 + 𝑌
 (2) 

Or an area spring defined by (7): 
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𝜂 =
1

𝜔𝜌
Re

1

𝑌

|𝑌 |

|𝑌 + 𝑌 |
 (3) 

Where in each case rs is the number of point connections per unit area Yi and Yj are the 
point mobilities of the plates and Yc is the connector stiffness defined by Hopkins (5): 

𝑌 =
𝑖𝜔

𝐾
 (4) 

 Where K is the dynamic stiffness in the case of eqn. (2) or the dynamic stiffness per unit 
area in the case of eqn. (3). In the latter case, the spring stiffness of the resilient material 
layer and the spring stiffness of point (or line) fixings could be considered to act in parallel 
to sum the total stiffness. This allows for the wall covering to be attached by spring 
connections. An alternative expression for the resonant path was proposed by Neusser et. al. 
(8) from Vigran (9): 

𝛥𝑅 = −10 ∙ lg
𝜔

𝜔
+ 𝑟

𝑢 .

〈𝑢 〉
𝜎 ,  (5) 

Where ω0 is the angular frequency of the mass-spring-mass resonance, r is the number of 
point connections, ũ22,B is the r.m.s velocity on the point connections, <ũ21> is the mean r.m.s 
velocity on the surface of the render and σB,point is the radiation efficiency of the plate due to 
the point connections given by Vigran (9): 

𝜎 , =
2𝑐

𝜋

1

𝑆

1

𝜔
 (6) 

Where ωc is the critical angular frequency of the plate. The second term in eqn. (5) is 
equivalent to Craik´s coupling loss factor between the heavyweight wall and receiving room 
(4): 

𝜂 =
2𝜌 𝑐 𝑟

𝜋 (𝜌 + 𝜌 ) 𝜔
 (7) 

One underlying assumption of eqns. (5) and (7) is an infinitely stiff connection between 
the heavyweight wall and the lining. It would therefore be conceptually incorrect to sum in 
parallel the spring stiffness of the point connectors in a calculation of non-resonant 
transmission as described in section 3.1 when using these methods. However, this possibility 
may not be completely excluded in the case of measured velocity level data (eqn. 5). A 
comparison of the methods was made and the results are shown in section 0. 

3.3 Path analysis 

An analysis is made using a “path-by-path” analysis which defines the energy level 
difference between two subsystems according to Craik (4): 

𝐸

𝐸
=

𝜂 𝜂 … 𝜂

𝜂 𝜂 ⋯ 𝜂( ) 

 (8) 

Where ηi are the total internal loss factors and ηij are the coupling loss factors. This is 
used to obtain the velocity level differences or sound reduction index respectively for 
comparison with measured results. 

4. MEASUREMENT METHODS 

4.1 Acceleration level difference 

The acceleration level difference between the brickwork wall and the render on several 
small samples was measured using a shaker and pair of accelerometers. Three source 
positions and eight accelerometer positions per source were used. (It was not possible to excite 
one side of the wall with an airborne source because the measurements were not made in an 
enclosed space.) The shaker was attached to the opposite side of the brickwork wall from the 
samples using a screw thread and metal rawl plug. A MLS excitation signal was used. The 
accelerometers on the brickwork wall were attached to the wall on the same side as the small 
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samples. Only the acceleration level difference above 400Hz was of interest, therefore, the 
minimum distance between measurement positions, between the shaker source and 
measurement position, or between the measurement position and the edges of the sample was 
100mm. A Norsonic 840 was used to acquire the level difference. The sample size was one 
EPS plate (dimensions 1000 mm x 500 mm). 

4.2 Sound insulation measurement 

The sound insulation was measured according to ISO 10140-2 (10) in an accredited test 
laboratory at TGM faculty of acoustics and building physics.  

5. RESULTS 

5.1 Velocity level difference 

A comparison of measured and calculated velocity level difference is shown in Figure 1. 
(Note that the measured acceleration level difference is a ratio, and in this case may be used 
interchangeably with the velocity level difference (5).) Equations (3) and (5) are used to 
calculate velocity level difference across the whole frequency range. The amount of adhesive 
used to attach the EPS insulation affects the spread of the measured acceleration level 
difference especially in the vicinity of the mass-spring-mass resonance frequency, f0. The 
collective standard deviations of the measured results are shown in Table 2. 

 

Figure 1 – Velocity level difference. The solid line ‘–‘ corresponds to the results obtained using 

eqn. (3) and the dashed line ‘--‘ to eqn. (5) 

Table 2 – Combined standard deviations with 100%, 70%, 40% and 20% glue surface 

Freq. (Hz) 315 400 500 630 800 1k 1.25k 1.6k 2k 2.5k 3.15k 4k 5k 

s.d. (dB) 4.6 4.9 5.1 6.1 5.2 5.2 5.0 4.7 3.9 4.6 4.3 3.7 3.7 

 
Agreement between measured and calculated results is poor at high frequencies (>630Hz) 

for a thin render (3.9 mm). This corresponds with poor agreement with SI in the model (see 
Figure 3). (Note that the dynamic stiffness of the EPS in the small samples is not yet verified.)  
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5.2 Sound insulation measurement (SI) and improvement (ΔR) 

5.2.1 320 mm brick wall 
The first step was to make a calculation for the base wall (320 mm brickwork). In the 

model the longitudinal wavespeed (cL,p) of the brickwork was estimated to be 2300ms-1 (5) 
and the surface density of the brickwork (ρ) was calculated to be 231 kgm-2 from the mass of 
one block. The results from measurement and calculation are shown in Figure 2. 

  

Figure 2 – 320 mm brick wall (cL,p=2300ms-1, ρ=231 kgm-2) 

Agreement, within 6dB, is obtained between the calculation and measurement in the data 
ranges 50Hz-80Hz, 160Hz-1000Hz and 3150Hz-5000Hz. Poor agreement at high frequencies 
(>1000Hz) is likely due to thickness resonances of the wall. The calculated first and second 
thickness resonances, (f1,solid and f2,solid) assuming solid brickwork are also shown in Figure 2. 
These do not correspond with the observed dip (f1) and consequent supposed second thickness 
resonance (f2). This could be because the blocks are not solid but are cellular and filled with 
rockwool. It could also be due to an incorrect estimate of Young´s modulus when making the 
calculation (which was determined using the estimated longitudinal wavespeed). The plateau 
for thick plates (calculated assuming solid brickwork) is also shown in Figure 2. However, a 
corresponding plateau in the measured data is not observed. The reason for poor agreement 
at 63Hz and 80Hz was not determined. 
5.2.2 320 mm brick wall with 160mm EPS without point connections 

The brick wall was cladded in 160mm EPS and a comparison between the results obtained 
with a thick (10.8 mm) and thin (3.9 mm) render was made. Measured and calculated results 
for a thick render are shown in Figure 3, and for a thin render in Figure 4. A sound insulation 
calculated using ΔR (eqn. (5)) is also shown in both figures by summing with the measured 
results for the 320mm brick wall. The value of the spring stiffness (K) of the EPS was 
modelled as 3.83x107 Nm-3 (the lower end of the measured values), the surface density (ρ) of 
the thick and thin render was measured to be 14.2kgm-2 and 5.4kgm-2 respectively and the 
longitudinal wavespeed (cL,p) of the render was estimated to be 1610ms-1 (5). (Value for 
gypsum plasterboard used, although this may not reflect the actual material). 
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Figure 3 – 320 mm brick wall with 160mm EPS (K=3.83107 Nm-3) and thick render 

(cL,p=1610ms-1, ρ=14.2 kgm-2) 

 
Figure 4 – 320 mm brick wall with 160mm EPS (K=3.83107 Nm-3) and thin render (cL,p=1610ms-1, 

ρ=5.4 kgm-2) 

Figures (3) and (4) show that sound insulation is divided into three frequency regions. A 
low frequency region, below the mass-spring-mass resonance, f0, where the panel and lining 
is modelled as a single plate, a mid frequency region where Eqn. (1) is used to model non-
resonant transmission and a high frequency region where Eqn. (3) is used to model the 
resonant transmission. 

The model follows the general trend of the measured results for the thick render (Figure 
3); although the values are not within 6dB at 63Hz, 100Hz, 125Hz, 315 Hz or 4000Hz. Poor 
agreement between the model and measurement for the thin render (Figure 4) at many 
frequencies is likely because the thin layer is no longer acting independently of the EPS and 
a combined material constant or some other model may be required. Therefore is a limiting 
render thickness (within the range 3.9 mm to 10.2 mm) can be assumed below which good 
agreement between measurement and calculation is not achieved. Sound insulation 
calculated using ΔR diverges significantly from the measured data at high frequencies 
(>1250Hz). 
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5.2.3 320 mm brick wall with 160mm EPS with point connections 

 
Figure 5 – 320 mm brick wall with 160mm EPS, thick render and 6 point connections. The solid 

line ‘–‘ corresponds to the results obtained using eqn. (2), the dashed line ‘--‘ to eqn. (3) and the 

dotted line ’…’ to eqn. (7) 

 
Figure 6 – 320 mm brick wall with 160mm EPS, thick render and 6, 10 or 12 point connections/m2 

Comparison of three models (eqns. (2), (3) and (7)) and measured data are shown in Figure 
5. The area spring given by eqn. (3) agrees slightly better with measured data than point 
springs only (eqn. (2)). The rigid point connection model (eqn. (7)) gives significantly poorer 
agreement and the high frequencies therefore cannot be modelled by rigid point connections. 
Where required the spring stiffness of the point connections was estimated to be 4.0x106Nm-1. 

The effect of increasing the number of point connections for the point spring model is 
shown in Figure 6. The effect of a shifting upwards mass-spring-mass resonance can also be 
incorporated by summing the spring stiffness of the number of connectors per unit area in 
parallel together with the dynamic stiffness per unit area as described in Craik (4). 
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6. CONCLUSIONS AND FURTHER WORK 
When modelling EPS cladding on brickwork exterior walls three distinct modelling regions 

can be identified: The low frequency region; where the cladding and wall can be modelled as 
a single system. The mid frequency region; where non-resonant transmission due to a mass 
spring mass resonance is observed. The high frequency region; where resonant transmission 
through the area and point springs from plate to plate is observed. The limit to which eqn. 
(3) can be applied to determine the resonant transmission is given by the render thickness 
and lies within the range 3.9 mm to 10.2 mm. Energy transfer via non-resonant and resonant 
paths through the system are governed by both the dynamic stiffness of the thermal 
insulation layer and the spring stiffness of the point connections.  

A simultaneous measurement of velocity level on the heavyweight wall, the individual 
point connections and on the surface of the render could help to confirm the most appropriate 
way to model resonant transmission at high frequencies. These measurements could also be 
used to test whether eqn. (5), which makes use of a velocity level difference, can also be used 
in the case of spring connections. Measurements with a laser vibrometer could be used to 
determine the velocity ratio 𝑢 . 〈𝑢 〉⁄  which would allow different numbers of point 
connectors, r, to be added. Velocity level difference measurements could be repeated on a 
large sample in an enclosed space. Thus allowing a comparison between the level difference 
obtained with airborne and structural excitation. If the total loss factor of the render is 
measured a coupling loss factor between the brick wall and the render could also be calculated 
using the measured velocity level difference. The dynamic stiffness of the EPS in the small 
samples should also be verified. Finally it would be interesting examine a curtain walling 
system to determine if the same resonant and non-resonant loss factors can be used. 
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ABSTRACT 

Several methods have been developed in the past to calculate the sound transmission in building acoustics. 
However, efficient determination and optimization of the sound insulation capabilities of geometrically 
complex walls like brick walls or layered wall structures remain a challenging task. In this work, a fully 
coupled fluid-structure interaction model based on the frequency-domain spectral element method (FDSEM) 
is proposed to determine the sound insulation characteristics of arbitrary wall structures. A virtual sound 
measurement laboratory following the guidelines of ISO 10140 is designed and used. The calculated 
frequency responses agree well with the experimental results. Therefore, this method can be used to evaluate 
the performance of the wall materials and structures in an efficient way. Furthermore, contrary to other 
methods based on the plate theory, this method is more flexible and avoids many essential simplifications, 
which could restrict the applicability of the methods in the wall structure design. The present method is 
implemented into a multi-objective optimization procedure based on a genetic algorithm to optimize various 
wall structures (e.g. novel brick walls, multi-functional laminates), and the results are compared with that by 
other numerical and analytical methods. 

 

Keywords: Frequency-domain spectral element method, Fluid-structure interaction, Layered structures 

1. INTRODUCTION 

Increased energy demand and consumption, especially in developing countries, lead to the use of 
innovative materials and structures. These structures have to fulfill special requirements on their 
sound-insulation capabilities, as well as other demands such as structural and thermal properties. 
Experimental determination of the acoustic behavior and heat insulation property is well established, 
but expensive and time-consuming. Therefore, a mathematical or numerical model for predicting the 
insulation properties of such materials and structures is necessary to significantly reduce the costs of 
their design and optimization process. Numerous studies have been reported in the past for the 
analytical and numerical determination of the transmission loss of structures, such as sandwich panels, 
honeycomb panels, and double-leafed walls, e.g. (12, 20, 21). These methods can usually deliver 
reliable results with little computational effort, but they suffer from many restrictions which limit 
their validity and flexibility in analyzing structures with complex geometry. The motivation for this 
work is to examine the suitability and applicability of a virtual sound insulation laboratory for 
calculating the transmission loss of engineering structures in the design and optimization procedure. 
The model follows the guidelines of the ISO 10140 (9) and solves a fully coupled fluid-structure 
interaction (FSI) problem. To be efficient in an optimization procedure with many iterations, the 
required numerical calculations must be sufficiently fast. For this purpose, the problem is solved by 
using the spectral element method (SEM), an advanced and efficient variant of the finite element 
method (FEM) to increase the efficiency and accuracy of the numerical calculations. 

Several authors have used a fully coupled model to determine the transmission loss of structural 
panels and walls. Since the computational resources necessary for the time-efficient numerical 
calculations at high frequencies became available only in the last two decades, most previous studies 
were usually only devoted to the low frequency range (5, 11). More recently, Arjunan et al. used a 
FEM model to determine the transmission loss of double panels (1, 2). They reported that the 

                                                        
1 perras@bau.uni-siegen.de 
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computing time for their three-dimensional (3D) model was 30 hours by using a 2014 generation 
computer. Del Coz Díaz et al. used a two-dimensional (2D) model to determine the transmission loss 
of brick walls (6). Arjunan et al. also reported a lack of references on the use of fully coupled 
numerical models to determine the transmission loss of panels. Among many possible reasons for this 
lack is the computational effort necessary to calculate the wave propagation characteristics at high 
frequencies. Although the SEM is a well-established method in the meantime, no previous studies 
have been yet reported on a fully coupled SEM model for determining the transmission loss of wall 
panels used in civil engineering, to the best knowledge of the authors. Originally, the SEM was 
developed by Patera to solve some problems in the field of computational fluid dynamics (15), but it 
was also used later for a wide variety of other engineering problems such as wave propagation in 
functionally graded materials (7), structural health monitoring (19), seismology (10) and many others. 

2. PROBLEM FORMULATION 

In the determination of the transmission loss of a panel in a laboratory setting a source, usually a 
loudspeaker, emits a sound at varying frequencies in the source room. The resulting pressure wave 
excites vibrations in the panel, which in turn results again in a pressure wave in the receiving room, 
recorded by microphones (Figure 1, left). This process is simulated by a mathematical model. The 
governing equation for the fluid in the source room and the receiving room (as well as air gaps in the 
structure) is the Helmholtz equation for a compressible, inviscid fluid: 
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x
, (1) 

where � is the mass density of the fluid, c is the sound velocity, p(x) is the spatial pressure distribution, 
� is the angular frequency, and Q is the source term. To simulate a loudspeaker, a point source is used 
which satisfies (4) 
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where P and φ denote the power and the phase of the point source, and �(x− x0) is the Dirac-delta 
function. To take account of the absorption of the walls, the respective boundaries are described by 
an impedance Z corresponding to the reflection index r. The impedance is determined by the boundary 
condition: 

   1 i p
p
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ω

ρ
  

x
n x . (3) 

In a laboratory setting, the absorption behaviour of the receiving room usually corresponds to an 
absorption coefficient of � ≈ 0.15. The reflection index r and the absorption coefficient � can be 
calculated by 





ρ

ρ

Z c
r
Z c

 and 21 α r . (4) 

The considered structure is described by the equations of motion for a continuum in the frequency-
domain as 

 2T ɶ ρωσ  u x f , (5) 

where small deformation u(x) is assumed, ɶ  denotes a differential operator, σ  is the stress tensor, 
� is the mass density of the material, and f is the body force vector. The interaction between the fluid 
and the structure is described by the following coupling or boundary conditions on the interface: 

,, 


S FS F
S F F Fu n u n and   S Fp pt n n  (6) 

with the normal vectors n being defined in Figure 1 and the Cauchy stress vector t. For further information 

we refer to the literature, e.g. (18).  
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Figure 1 – Schematic representation of a virtual laboratory (left) and definition of normal vectors for the 
coupled fluid-structure interaction problem (right) 

3. FREQUENCY-DOMAIN SPECTRAL ELEMENT METHOD 

3.1 Discretization 

Using the weak-form or the Galerkin method, the boundary value problem under consideration can 
be recast into a discretized form by approximating the pressure field with p(x) = Np  and the 
displacement field with u(x) = Nu, where N is the vector of the shape functions and p and u are the 
nodal pressure vector and the nodal displacement vector (17). The resulting system of algebraic 
equations, with neglected impedance matrix for simplicity, can be written as 
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where K and M denote the system stiffness matrices and mass matrices for the fluid domain (denoted 
by F) and the structural domain (denoted by S) respectively, and C is the coupling matrix (18). 

3.2 Basics of the Spectral Element Method 

The shape functions used in the developed SEM algorithm are the Lagrange polynomials LAp for 
the interpolation order p given by: 
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which are constructed by using the nodal set �i . 
If evenly distributed nodes over the interval [0;1] ∶= ���ℝ|0 ≤ � ≤ 1#  are chosen, strong 

oscillations with high orders occur, which is the so-called Runge-effect. This can be avoided by using 

the zeros of the Lobatto polynomial LOp-1 as the locations for inner nodes to construct the Lagrange 

polynomials or the GLL nodal set. The Lobatto polynomials can be calculated by 
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By using the GLL shape functions, some numerical difficulties can be overcome since the condition 

number of the coefficient matrix in Eq. (7) is much lower and allows us to use higher-order shape 

functions. This, in turn, leads to a spectral convergence of the method, hence the name spectral 

element method. It also offers the possibility of using the Lobatto quadrature for the numerical 

calculation of the element mass matrices (17). 

Figure 2 shows the set of the shape functions of a polynomial order p = 8 for an evenly distributed 

nodal set and a GLL nodal set. The nodal set �i  is shown as red dots. 
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Figure 2 – Shape functions with evenly distributed nodes (left) and GLL distribution (right) 

3.3 Advantages of using SEM for FSI Problems 

One major advantage of the SEM is the reduced number of the degrees of freedoms (DOFs) 
necessary to achieve a given error threshold. Here, a one-dimensional (1D) model problem is used for 
demonstrating this advantage. The model is also used to a priori estimate the necessary order p and 
element size for a given error threshold (3). The governing equation and boundary conditions (BCs) 
are given by 

   2 0  p x k p x ,  0;x L , 

BCs:    0 0 1   p n ikp  and     0   p L n ikp L , 
(10) 

where k = � $⁄  is the wave number, and n is the outward normal vector of the boundary. The error 
can be calculated by using the analytical solution for the problem p(x,k) = − (ieikx) (2k)⁄ . The error �2 
is defined as 

�2    
2 2

1 1
100

 
   N NSEM ref ref

n n nn n
p p p  (11) 

with pref being the analytical solution. The boundary value problem described by Eq. (10) is solved 
using the SEM. By varying the number of DOFs per wavelength for a given interpolation order p we 
can obtain Figure 3, from which the following conclusions can be drawn: 
 For a low error threshold, such as �2 = 0.05%, the necessary number of nodes per wavelength 

decreases significantly with increasing order. For lower error thresholds, which are not shown in 
the figure, the effect is even more pronounced. 

 For a high error threshold, the use of higher order p gives rise to less advantages. 

 
Figure 3 – Number of nodes per wavelength N '⁄  needed to satisfy a given error threshold �2 

  

Since the computational effort for calculating the element matrices increases significantly, the 
highest order used for achieving a low error threshold should be p = 10 to avoid overcompensation. 
However, for calculating a large number of frequencies the element matrices do not need to be 
evaluated repeatedly, therefore the most time-consuming part usually is the solution of the linear 
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system of equations. In Figure 4, the number of DOFs and the time for solving the linear system of 
equations tLS using the direct solver PARDISO (16) are shown. 

 
Figure 4 – Comparison of the DOFs (left) and solution time (right) 

 

After evaluating the pressure field in the source room and the receiving room by solving Eq. (7), 
the sound reduction index can be calculated by 

0 0

20 lg 20 lg 10 lg  l r

e

p p S
R

p p A
 (12) 

with the sound pressure p
l
 in the source room and p

r
 in the receiving room, p0 = 20 ∙ 10-6 Pa, the area 

of the specimen S and the equivalent absorption area Ae (14). Eq. (12) is evaluated for a high number 

of frequencies for every 1/3 octave between 100 Hz and 3150 Hz. To assess the speed of the developed 

algorithm, a comparison with the commercial FEM software COMSOL Multiphysics 5.3 (4) was done 

using a layered panel and the 1D error estimator (Figure 3) to determine the necessary meshing 

resolution. The results are shown in Figure 5, in which the time ttot  for the calculation of the 

transmission loss curve is given. Only for a low error threshold, such as �2 = 0.001%, the advantage 

of the SEM using high order shape functions can be clearly observed. The efficiency increases for 

higher frequencies (higher number of DOFs) and lower error threshold. The reasons for the algorithm 

being faster than the commercial software for a high error threshold could be: 

 Pre-calculation and storage of the data for the fluid domains, since they have to be calculated 

only once and can be reused for further calculations. 

 Computation of the element mass matrices using the Lobatto integration introduces a negligible 

error but significantly reduces the number of the matrix operations for the assembly process for 

each frequency. The time-saving effect here is larger than expected. 

 For high orders of the shape functions and high frequencies the parallelized calculation of several 

frequencies instead of the parallelized solution of the linear system of equations is more time-

efficient and was used where appropriate. 

 Use of different orders of the shape functions in different directions for thin elements reduces the 

number of DOFs for the considered structure (8). 
 

 
  

Figure 5 – Comparison of COMSOL and SEM for different orders p  
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Figure 6 shows a good agreement between the predicted and the measured sound reduction index 
R for an aluminum plate. For the layered wall, the deviations are rather large. The reasons could be 
uncertainties in the material properties and mainly due to lacking knowledge about the measurement 
conditions including the exact size of the laboratory, the absorption properties and the mounting 
conditions of the specimen. The latter problem occurs not only in a virtual laboratory but also in the 
experimental determination of R. Meier et al. found in their inter-laboratory-test that the deviations 
for the same specimen could be of up to 20 dB in the low frequency range and 4-8 dB in the mid and 
high frequency range (13). 

  

 
Figure 6 – Comparison between the measurement (data from Villot et al. (21)) and calculation results by the 
SEM and Berger’s mass law (14) of a thin aluminum plate (left), and comparison between the measurement 

(data from CBMA) and calculation results for a layered panel (see Figure 7) 

 

 
Figure 7 – Examples of some examined complex layered structures, E is Young’s modulus in [GPa], � is 

the mass density in [kg m3⁄ ] 

4. OPTIMIZATION SCHEME 

An integer value for the sound insulation capabilities can be calculated using a procedure described 
in the ISO 717 (14). Since an optimization algorithm requires a rather smooth function, the procedure 
was adjusted by using a smaller step-size to obtain a single value Rw with several decimals. This 
provides a smooth curve of Rw(di), such as shown in Figs. 8 and 9, instead of the discontinuous 
staircase function when the ISO 717 is directly applied. 

The eigenfrequencies of the laboratory and the specimen have a significant effect on the 
transmission loss curve. To assess the necessary number of frequencies per 1/3 octave nt and the 
necessary accuracy, a test specimen with a varying thickness dwall was examined (Figure 8). The 
necessary error threshold was found to be �2<1% and the number of frequencies per 1/3 octave should 
be nt >20. 
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Figure 8 – Effects of the error threshold �2 and the number of frequencies per 1/3 octave nt 

  

The designs 1 and 2 as shown in Figure 7 were optimized regarding their acoustic insulation 

capabilities. The objective function and constraints are defined by 

   Design 1 1 3 Design 2 2max , , max ,w w agF R d d F R d d   

subject to 1 3

2 1 3

0.07, 0.005 0.04, 0.002 0.04     design 1

0.26, 0.005 0.06, 0.0025 0.08,     design 2

i

i ag

d d d

d d d d d

    

     



. 

(13) 

The numerical calculations of the objective function for a high number of functional values require a large 

computational effort. For a large search space, an evolutionary algorithm can be used. It is possible to find a 

good solution for Eq. (13) in less than 100 iterations respectively, which require a few hours for the 

optimization procedure. For the sake of brevity, more details, however, are not presented here. 

 
Figure 9 – Objective function for Design 1 (left) and Design 2 (right) 

5. CONCLUSIONS 

In this paper, a SEM in the frequency-domain is presented for calculating the transmission loss of 

layered wall structures by using a virtual laboratory and a fully coupled model for considering the 

fluid-structure interaction. For high frequencies and high accuracy, the SEM is an efficient method to 

evaluate the acoustic pressure field in the fluid and the structural deformations. However, for 

comparison with many experimental measurements, the calculation of the sound reduction index with 

a low accuracy is usually sufficient, diminishing some of the advantages of the SEM. For an 

optimization algorithm, the objective function should be evaluated with higher accuracy, regarding 

the error threshold of the calculation and the number of frequencies, to avoid random oscillations of 

the transmission loss curve. The developed SEM algorithm here reduces the time required for the 

numerical evaluation by up to 80% for layered wall structures. This allows for a higher number of 

iterations and therefore for a larger search space. 

The efficiency of the algorithm decreases for a geometrically complex structure, such as Design 2 

(Figure 7). To approximate the complex geometry a high number of small elements is needed. The 

order of the shape functions is taken as identical for both the fluid and the structural domains and 

therefore unnecessary DOFs are introduced, since the requirement for a given error threshold is 

already fulfilled by much larger elements. This problem can be avoided by using different orders for 
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the shape functions for the fluid and the structural domains, which require special coupling algorithms. 
This is a part of our further research. 
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ABSTRACT
When consulting pop venues or cinema's with critical spaces like dwellings nearby, high sound insulations
will have to be realized. In an early stage of the design the related structural consequences will have to be
known very stringently and reliable, because adaptations afterwards are usually not possible. In a recent
situation with dwellings lying diagonal directly above a pop venue a high sound reduction for the roof of
the pop venue of RA,house≥75 dB had to be realized to limit exterior noise transmission towards the facade of
the dwellings. The interior noise transmission towards the dwellings had to full fill at least DnT,A,house≥90 dB.
Question was what structural principles would be necessary to reach these values? Based on a practical
prediction method for the sound insulation value in the key octave band (63 Hz) for a heavy double roof
structure, a heavy separated double concrete roof (f0<3 Hz) was designed and implemented, combined with
fully vibration isolated bearings (<10 Hz) under the pop hall as well as under the dwellings. The latter
demanded specific high pressure vibration insulated mountings to be designed and implemented. In order to
evaluate the prediction method used for the double roof and to see whether the high sound insulations that
were predicted have actually been realized, measurements after delivery have been performed, using a
special measurement setup with 18 subwoofers producing noise levels of 125 dB(A) house spectrum inside
the pop venue. Measured values of RA,house=76-79 dB and DnT,A,house=99 dB show that the prediction method
used proved its value and that the goals set have been met, whereas further investigation is recommended
for subsequently fine tuning the prediction model for instance for the influence (absence or presence) of
mineral wool as damping material in the void between the double concrete roof.

Keywords: Sound, Insulation, Transmission

1. INTRODUCTION

The brief  for  the new popvenue Doornroosje in Nijmegen for the contractor  Klokbouw-Zublin
was to combine three buildings on a small footprint: a pop centre with  two pop halls (1100 and 400
seats)  and  a  cafe,  a  bicycle  parking  (4000 bicycles)  and  hundred  4-room dwellings  for  students.
According to the brief both pop halls should be suitable for pop concerts with an equivalent sound
level of 105 dB(A) house spectrum at the mixing desk and the cafe should be suitable for 100 dB(A)
popspectrum.

The maximum allowable music levels in surrounding spaces were set as 40 dB(A) in the foyers
and 30  dB(A)  in  the  adjacent  pop  hall.  Legal  limits  were  a  maximum equivalent  music  level  of
LAeq=30 dB(A) on the façade of dwellings and L Aeq=15 dB(A) inside the dwellings. Based on these
demands the following sound insulations should be met: 

 R’A,house≥75 dB for the roof of the pop hall;
 D’n,T,A,house≥90 dB between pop hall and dwellings.
 D’n,T,A,house≥65 dB between pop hall and foyers;
 D’n,T,A,house≥75 dB between pop halls;

1 m.luykx@peutz.nl
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2. DESIGN ASPECTS OF THE SOUND INSULATION

2.1 Prediction of the sound reduction of the roof 
The  demands  for  pop  concerts  have  primarily  determined  the  design  of  the  sound  insulation.

Based on earlier experience with a double concrete roof (f 0<5 Hz) where a practical sound reduction
of R’A,house≥70 dB was required, a similar practical prediction method was used for the design for the
underlying  roof  of  the  pop  venue  that  should  full  fill  R’ A,house≥75  dB.  Based  on  this  value  a
corresponding  sound reduction  value  R'  for  the  predominant  63 Hz octave  band of  at  least  R(63
Hz)=62 dB was determined. 

As a  practical  prediction method an estimation of  the sound insulation of  large,  heavy double
structures for the predominant 63 Hz octave band is made based on extrapolation from the resonance
frequency with an increase of 14 to 15 dB for each octave up to the 63 Hz octave band, assuming a
zero  insulation  at  the  resonance  frequency  itself.  Above  the  63  Hz  octave  band  the  estimated
increase of the sound insulation is limited to 9 dB/octave up to the 500 Hz band, and above the 500
Hz octave band the predicted increase is limited to 5 dB/octave. 

Based on these assumptions a maximum value for the resonance frequency of f 0=3 Hz could be
deduced for the double concrete roof. Based on this value for the resonance frequency the roof build
for the large pop hall was designed as follows from inside to outside:

 an interior roof/ceiling of 900 – 1000 kg/m2 concrete, forming the inner roof of the concrete
box of the pop hall that should be completely separated from the outer roof structure;

 an air void of at least 1,3 – 1,5 m with a layer of mineral wool (if necessary), with sufficient
height for the bearing structure of the large span of the outer roof. For the small hall, due to
its lower height,  a  higher void (>3,5 m) resulted between the inner and outer  roof,  which
was used for technical space. 

 an exterior roof of at least 500 kg/m2 concrete.

The estimated octave band spectra for the sound reduction values R' for the roof of the large pop
hall is given as a red line in figure 1, resulting in an estimated prediction value of R’ A,house=75-78 dB
for the large hall. The measured values indicated in the graph will be treated later. 

Figure 1 – Sound reduction R' of roof of the large pophall.

The estimated octave band spectra for the sound reduction values R' for the roof of the small pop
hall is given as a red line in figure 2, resulting in an estimated prediction value of R’ A,house=82-85 dB
for the small hall. 
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Figure 2 – Sound reduction R' of roof of the small pophall 

2.2 Final build up of the roof of the pop halls

The final  build up of  the double roof of  the large pop hall  can be clearly seen in  figure 3,  in
which  the  final  height  of  the  air  void  of  1,25  m  is  indicated  as  well  as  the  complete  structural
separation  (dilatation)  between  both  roofs  which  is  necessary  to  reach  the  required  direct  sound
reduction of R’A,house≥75 dB for the double roof. Because the outer roof had an additional function as
a garden for the dwellings its total mass became around 800 kg/m2 (500 kg/m2 concrete and 300
kg/m2 soil-layers of the garden). Figure 3 also shows the transition of the roof at the connecting side
towards the dwellings, where a dilatation with a vibration isolated mounting of the dwellings has
been designed and implemented. 

Figure 3 – Detail of structural cross-section (side large pophall towards dwellings)
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Because of the high weight requirements for the inner roof of the pop halls as well as the demand
for a free span to reach sufficient interior height inside the halls, the interior roof was finally build
up using large,  concrete  T-beams with a height  of  350 mm (small  hall)  and 500 mm (large hall).
These T-shaped beams were placed upside down and subsequently attached with steel reinforcement
and finished with a flat upper side using poured concrete. This resulted in a structural thickness of
this interior roof of 450 mm for the small hall and 570 mm for the large hall. This build up can be
seen in figure 3 and 4 where a detail of the interior roof/ceiling structure is given. 

Figure 4 – Detail inner roof large pop hall (18 x 30 m). 

Figure 5 – Detail inner roof small pop hall (12,5 x 24 m)

2.3 General lay-out of pop halls within the pop venue and dwellings on top
Both pop halls have been built as a fully separated heavy boxes of concrete on elastic bearings

(<10  Hz)  placed  on  columns  in  the  basement.  All  around  the  concrete  boxes  of  the  halls  a  full
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separation is applied, see next figure 6 and 7. Figure 6 shows a ground floor plan of the 3-storey pop
centre  with  besides  both  pop  halls  also  a  café,  foyers  and  a  loading  dock  with  a  unique  truck-
rotation lift.

Figure 6 –  Ground floor plan of popvenue Doornroosje in Nijmegen (NL)

The walls of the boxes of the pop halls are of 300 mm concrete with a mass of 720 kg/m2, the
floors are 900 kg/m2 concrete and the ceiling/interior roof is at least 1,050 kg/m2. In between both
halls is a corridor of 2m width. Towards the foyers deep door locks are applied and a free standing
dry-lining wall of 40 kg/m2 gypsum boards on 0.35 m air cavity filled with 0.15 mm mineral wool.
Under the floor a flexibly resilient suspended ceiling of 30 kg/m2 fibre board has been applied on
0.3m air cavity filled with 0,15 mm mineral wool. 

In  order  to  realize  100  4-chamber  dwellings  on  the  same  footprint,  these  dwellings  were
projected in a ten storey high building above the three storey pop centre, as shown in figure 7 in a
cross-section.

Figure 7 – Cross-section through building of Doornroosje, with dwellings above the pop centre 
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2.4 Vibration isolated mountings

To realize a sufficient sound insulation from the cafe and the pophalls towards the dwellings and
simultaneously  reducing  railway vibrations  an  additional  measure  was  taken  by placing  the  total
building of the dwellings on elastic bearings on the pop centre with a full dilatation in between, and
by placing the dwellings aside from the pop halls as can be seen in figure 7. This isolated mounting
of a complete 10 storey building required specific high pressure vibration insulated mountings to be
designed and implemented. Figure 8 shows a photo of the elastic bearings designed by CDM under
the dwellings. The elastic bearings applied have a resonance frequency below <10Hz and a 16 MPa
vertical  loading  capacity  and  consist  of  4  layers  of  20  mm  rubber  with  5  mm steel  plates  (size
125x125x95 mm).

Figure 8 – Elastic bearings in position under dwellings on the pop centre during the construction phase

One of the requirements from the principal for using these elastic bearings under the dwellings
was that the pads could be interchanged at all times during the life of the building. For this reason a
sufficiently  high  void  space  (0.9  m height)  was  designed  between  the  lowest  floor  of  the  living
building  and  the  concrete  roof  of  the  pop  centre,  such  that  the  supports  were  reachable  after
completion. Also a specific procedure for eventual replacement was designed by the supplier: In the
design of the elastic bearings additional layers of high density fibre board were applied under the
steel-rubber  bearings,  so  that  these  could  be  demolished  by  drilling  through.  Subsequently  these
could be replaced by new rubber-steel pads that have been frozen under pre-stressed conditions.

3. MEASURING RESULTING SOUND INSULATIONS 

3.1 Set up of equipment
Delivery measurements of the sound insulations had to be performed before the PA-system of the
pop hall itself was present. Therefore a special set was hired,  shown in figure 9.

Figure 9 – Measurement set up on the stage of the large pop hall with 18 subwoofers and 6 arrays 

This  measuring set consisted of 18 subwoofers  and 6 array-speakers,  that were being fed with
pink noise for each separate octave band from 31 Hz to 4 kHz. The equivalent noise levels for each
separately measured octave band are given in figure 10 and result in a equivalent pink noise level of
LAeq=125 dB(A) at the mixing desk. 
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Figure 10 – 105 dB(A) house spectrum compared with 125 dB(A) noise level with measuring set

Using the measuring setup mentioned above provided a  sufficient  signal-noise ratio  inside the
dwellings (>10 dB) up to  500 Hz octave band, and gave sufficiently reliable  values for  the main
predominant octave bands of the external sound insulation of the roof up to the 125 Hz octave band. 

3.2 Resulting sound insulation of double roof and comparison with prediction
The  resulting  sound  level  differences  D'  of  the  double  roofs  (@1m)  of  both  pop  halls  are

spectrally given in figure 11. Using a standard substraction of 3 dB the resulting sound reduction
values measured become R'A,house=76 dB for the large hall and R'A,house=79 dB for the small hall. Both
full fill the requirement of R’A,house≥75 dB. 
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Figure 11 – Measured D'(@1m) of pop hall roofs.

These  measured  octave  band  values  for  the  sound  reduction  R'  of  the  double  roofs  can  be
graphically combined and compared with the predicted spectral values, which is done in figure 1 and
2 shown in the first chapter of this article. 

From figure  1 showing the  comparison  for  the  large  pop hall,  it  can be  concluded that  at  the
predominant octave band of 63 Hz the value measured is about 3-4 dB below the predicted value
(based on 15 dB/2f).  This  may partially be caused by the absence of  damping (layers  of  mineral
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wool) within this void, due to a practical consideration of the contracter only to implement mineral
wool if  proven necessary to  meet the demands set.  For the 31 Hz and 125 Hz band however the
values measured are 3 dB higher than predicted. The differences between measured and predicted
values above 250 Hz are mainly due to insufficient signal-noise ratio but are not predominant for the
differences in the overall single digit value for the house music spectrum realized of R' A,house=76 dB
for the large hall, that full fills the requirement of  R’ A,house≥75 dB.

From figure 2,  showing the comparison for the small pop hall,  it  can be concluded that at the
predominant  octave  band of  63  Hz  the  value  measured  is  about  6  dB below the  predicted  value
(based  on  15 dB/2f).  This  may partially  be  caused  by the  similar  absence  of  damping (layers  of
mineral wool) within this void due to considerations mentioned above, but possibly also by the use
of the void as a technical space (with several penetrations through the inner roof) and as a storage
with  connecting  light-weight  walls  etc.  The  differences  between  measured  and  predicted  values
above  500  Hz  are  mainly  due  to  insufficient  signal-noise  ratio  but  are  not  predominant  for  the
differences in the overall single digit value for the house music spectrum realized of  R' A,house=79 dB
for the small hall, that full fills the requirement of  R’ A,house≥75 dB but remains 4 dB(A) below the
predictad values of R’A,house=83 dB. 

3.3 Resulting interior sound level difference towards dwellings
Regarding the the interior noise transmission from the pop halls towards the dwellings the sound

level differences measured are spectrally given in figure 12 and are at least D nT,A,house=99 dB and all
full fill the requirement of DnT,A,house≥90 dB. 
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Figure 12 – Measured D'n,T between pop halls and sleeping rooms of adjacent dwellings

4. CONCLUSIONS 
Measured values of R'A,house=76-79 dB and D'nT,A,house=99 dB show that the prediction method used to predict
the sound reduction of double roofs proved its value and that the goals set for high sound insulations have
been met in the pop Venue project of Doornroosje in Nijmegen (NL). However, further investigation is
recommended for subsequently fine tuning the prediction model for instance for the influence (absence or
presence) of mineral wool as damping material in the void between double concrete roofs.

A solid acoustic design proved to be of major importance to realize the sound insulation values
aimed for,  as well as accurate construction, execution and surveillance during the building phase.
Having realized the sound insulations aimed for in these new venue plays an important factor in its
success. Doornroosje in Nijmegen is the first building in the Netherlands that shows that dwellings
can be build above pop halls, and the first where it  showed possible to realize and prove a sound
insulation of D'nT,A,house≥99dB to the dwellings by using a special setup with 125 dB(A) noise level. 
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Abstract
Equivalent plate models are commonly used in order to simulate multilayer system as one single layer. This kind
of approach enables for instance to reduce the mesh size and thus the number of degrees of freedom in finite
element models. Usual condensed model rely on thin plate theory and are obviously limited when considering
thick multilayers. In this work we present a comparison of the transmission loss prediction using different
analytical models of solid layers: thin plate, thick plate (first order shear deformation) and 3D modelling (3D
linear elasticity) . Doing so, analytical limit for the validity of the thin plate theory is derived from wavenumber
analyses. Applications to industry inspired cases are presented.
Keywords: Equivalent plate model, Transmission loss

1 INTRODUCTION
In recent years, multi-layered partitions have been used widely for better sound comfort and noise attenuation.
Advanced composite structures are one type of multi-layered systems which are being used increasingly in var-
ious industries such as aerospace and aircraft industries. Sandwich composites which exhibit high stiffness with
light weight are widely used in the transportation and construction industries. Since the interactions between
the different layered materials affect the acoustic performance of the multi-layered system, it is not always op-
timized by including only the best materials. Due to the diversity of materials used in the multi-layered system,
modelling of this system often requires suitable mesh types for the material used and increases the total mesh
count in the Finite Element modelling. Additionally, it would lead to high computation time due to these com-
plexities. Therefore, in many engineering cases, it is of high interest to condense the behaviour of a multi-layer
system to a single layer material. This aims at reducing the mesh size of the finite element model which will
lead to less computation time. Guyader and Cacciolati[1, 2] had developed an equivalent thin plate model for
the multi-layer plate made of isotropic layers. Ross, Kerwin and Ungar (RKU) [3–6] developed a simplified
dynamic model for a three layer system to find the equivalent material properties. The model is initially devel-
oped for beams which was later used for plates as well. For the multi-layer plate consists of general orthotropic
layers, Woodcock[7] developed a vibroacoustic model which was later reformulated by Loredo and Castel[8] for
anisotropic layers. Marchetti, Ege, and Leclere[9] recently developed an equivalent plate model for multi-layer
thin plates made of orthotropic layers.
The goal of equivalent plate models is to find a set of parameters for a thin plate model which embeds the
bending and shear behaviours of a multilayer. The parameters are computed at each frequency and used with
a thin plate model. As the compressional effects are not taken into account in thin or thick plate models, this
requires a frequency limit to safely apply these models to have only equivalent bending effect. In this direction,
the present paper compares the elastic thin (Love-Kirchoff), thick (Reissner-Mindlin) and solid (linear elasticity)
plate models to find the analytical frequency limit to apply the classical plate theory to find the transmission
loss across the plate.
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Figure 1. Plane wave incidence on the elastic medium

2 VIBROACOUSTIC MODEL FOR THE ELASTIC PLATES
2.1 Transfer matrix for elastic solid
Generally, the Transfer Matrix Method (TMM) is used to compute the vibroacoustic indicators of the multi-
layer system from the transfer matrices of the stratified media. In the present work, this method is adopted to
compute the transmission loss of a single layer of isotropic elastic medium. Consider an infinite layer along
the x and y directions with thickness h along the z direction as shown in the Fig. 1, excited by a plane wave
with incidence angle θ . The layer has z axis origin at the middle surface as a reference. By considering both
longitudinal and shear wave propagation, the associated displacements and stresses can be obtained from theory
of elasticity approach and the transfer matrix ([T ES]) which relates the state variables (V ES) between the points
M and M’ is written as follows:

V ES(M) = [T ES]4×4V ES(M′) (1)

The elements of the matrix [T ES] are given in the book by Allard and Atalla[10] and the state vector (V ES)
which describes the acoustic field is given as:

V ES = {u̇x, u̇z,σzz,σxz}T (2)

In the above equation, u̇ and σ are the velocities and stresses, respectively. The transmission loss of the elastic
layer can be computed by Transfer Matrix Method (TMM), for example, as detailed by Allard and Atalla[10].
As the acoustic field in the elastic layer is completely described by the longitudinal and shear waves, the TL
solution obtained from [T ES] is taken as a reference to compare the other vibroacoustic models. Similarly for
the following plate models, by having appropriate transfer matrix, the TL is computed in the same way.

2.2 Transfer matrix for plate theories
If the acoustic field in the elastic layer (Fig. 1) is described by the state vector V P = {σzz, u̇z}T , then the general
form the transfer matrix for the plate theories can be expressed by the following equation:

V P(M) = [T P]V P(M′) =
[

1 −ZP
0 1

]
V P(M′) (3)

Here, ZP is the mechanical impedance of the plate and it is expressed as below based on the theory adopted.

ZP =

{
Zthin

Zthick
=


jωms

(
1− Dk4

t
ω2ms

)
− j

ω

(
1+

k2
t D−Izω2

G∗h

)(k4
t D−msω

2 +

(
Izms
G∗h ω2− k2

t
Dms
G∗h

)
ω2− k2

t Izω
2
)

(4)

where, kt = k0 sinθ with k0 as the wave number in the air, ms is the mass density per unit area, D is the bending
stiffness, G∗ = Gξ with G as the shear modulus of the plate, ξ is the shear correction factor, Iz =

msh2

12 is the
mass moment of inertia, and ω is the circular frequency. The mechanical impedances of the thin and thick plates
are obtained from the elastic plate theories of Love-Kirchoff[11] and Reissner-Mindlin[12, 13] respectively.
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2.3 Transfer matrix for equivalent thin plate theories
2.3.1 Guyader model
By applying classical plate theory to the multi-layer viscoelastic plate, Guyader and Cacciolati [1, 2] developed
an analytical model to determine the equivalent complex bending stiffness as a function of the excitation fre-
quency. In this model, each layer is assumed to have Reissner-Mindlin type displacements or in other words
each layer is modeled by considering bending, membrane and shear effects. Displacement and shear stress con-
tinuity conditions are applied to obtain the equations of motion of the multi-layer plate which are interestingly
expressed as a function of only the first layer displacement field. Finally, assuming that the transverse dis-
placement is the same for both the equivalent single layer and the multi-layer plate, this model determines the
equivalent bending stiffness by using Love-Kirchhoff thin plate theory.

2.3.2 RKU model
Ross, Kerwin and Ungar (RKU) [3–6] developed a vibroacoustic model for a three layered plate by assuming
the second layer (core) to be soft in nature compared to the other two stiff layers (skins), and the core is mainly
stressed in shear. Expressions for the equivalent thin plate properties such as bending stiffness and loss factor
are derived as a function of the shear parameter that describes how well the viscoelastic layer couples flexural
motions of the other two layers. The complete derivation can be found in the articles [3–6] as well as in the
book by Beranek and Ver[14].

2.3.3 Added Stiffness (AS) Model
This model is based on computing the equivalent properties by adding the respective individual layer properties.
The bending stiffness of each layer is obtained with respect to the neutral axis of the multi-layer plate. One
can note that a similar approach is often used for composite materials as described in [15] for beams.

After obtaining the equivalent bending stiffness (Deq) from the above equivalent thin plate theories, it can be
substituted in Zthin for the TL computation. It must be noted that Deq is a dynamic bending stiffness (i.e,
function of the frequency) for the equivalent plate models.

3 COMPARISON WITH AS MODEL: A MULTI-LAYER PLATE EXAMPLE
In this section, a multi-layer plate (Plasterboard/Glue/Plasterboard) of practical application is taken to illustrate
the necessity of the frequency limit, for the AS model, to be found. The material properties are listed in the
Table 1. The TL curves pertaining to the diffuse field excitation are generated from the AS model (equivalent

Table 1. Material properties

Material parameters Units Plasterboard Glue Concrete
Thickness mm 12.5 0.5 140
Density kg/m3 700 600 2300

Young’s modulus GPa 3 0.002 30
Loss factor - 0.02 1 0.02

Poisson’s ratio - 0.3 0.3 0.3

thin plate model) and compared with linear elasticity solution in the Fig. 2. It can be observed that AS
model starts to differ from the reference solution before the critical frequency (though it predicts the critical
frequency with good accuracy) of the multi-layer plate. It also shows that the stiffness is predicted with a fair
accuracy while the loss factors is largely underestimated. Furthermore, at higher frequencies, the difference in
TL between the reference solution and equivalent plate models is greater than 4 dB. This example the need for
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Figure 2. Transmission loss for the multi-layer plate (Plasterboard/Glue/Plasterboard) under diffuse field excita-
tion

the frequency limit is required to safely use the AS model for the vibroacoustic problems of the multi-layer
system. In this direction, as a primary step, the next section discusses about deriving the analytical frequency
limit for the Love-Kirchoff plate model.

4 FREQUENCY LIMIT FOR THE LOVE-KIRCHOFF PLATE MODEL
The behaviour of the propagating waves in the framework of the thick plate model is studied in this section
followed by the discussion on the analytical frequency limit for the thin plate model. The dispersion equation
of thick plate can be obtained by letting Zthick = 0.

k4
t D−msω

2 +

(
Izms

G∗h
ω

2− k2
t

Dms

G∗h

)
ω

2− k2
t Izω

2 = 0 (5)

The propagating wave number solution of the above dispersion relation is written as:

kt =±

√√√√msω2

2G∗h
+

Izω2
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+

√
msω2

D
+

(
msω2

2G∗h
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)2

(6)

By defining k2
b = ω

√ms
D ,k2

s =
msω2

G∗h and k2
r =

Izω2

D , Eq.(6) is rewritten in a compact form as:

kt =±

√
1
2

(
k2

s + k2
r +
√

4k4
b +(k2

s − k2
r )

2

)
(7)

It can be observed from Eq.(6) that at low frequencies kb >> ks,kr, leading to the pure bending wave propaga-
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tion. In this case, we have

kt ≈ kb =

√
ω

√
ms

D
(at low frequencies) (8)

At higher frequencies, ks >> kb, leading to pure shear wave propagation.

kt ≈ ks = ω

√
ms

G∗h
(at high frequencies) (9)

With this regard, kb and ks are referred as bending and shear wave numbers respectively in the further discus-
sions. Based on the percentage error between the wave number pertaining to the bending wave (Eq.(8)) and
the full propagating wave (Eq.(6)), the limiting frequency for the use of thin plate model for the vibroacoustic
problems can be found. By defining C = kb/ks, it can be seen from the Eq.(10a) that, the ratio between kt and
kb (thus the error,ε) is the function of only the Poisson’s ratio, shear correction factor and C.

kt

kb
=

1
2

√√√√2+ξ (1−ν)

C2 +

√
16+

(
2−ξ (1−ν)

C2

)2

(10a)

ε =

(
1− 1

kt/kb

)
100% (10b)

The value for C can be chosen such that ε is below the accepted error percentage and the frequency limit for
the thin isotropic plate model can be found as given by Eq.(11).

ωlimit =
ξ

2C2h

√
12E

ρ

1−ν

1+ν
(11)

It can be observed that the influence of material properties on the frequency limit is small when the plate
thickness is large and vice versa. To illustrate this frequency limit, the transmission loss (TL) curves for the
plasterboard and concrete (Table 1) are computed from the transfer matrices of thin plate, thick plate, Guyader
model and compared with linear elasticity solution for an oblique plane wave incidence with θ = 60o. The
TL curves obtained for plasterboard (Fig. 3) show that the thick plate and Guyader models estimate better with
elasticity solution. It is to be noted that the frequency limit is computed from the Eq.(11) by having C = 4,
which corresponds to the error percentage (ε) of 1.94%. The frequency limit for the thin plate model in this
case is found to be before the coincidence frequency. But in the case of concrete material, Fig. 4 shows that
the frequency limit spotted after the coincidence frequency, which is interesting to note.
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Figure 3. Transmission loss for the plasterboard under plane wave excitation with θ = 60o

Figure 4. Transmission loss for the concrete under plane wave excitation with θ = 60o
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5 COMPARISON OF PLATE MODELS FOR THE MULTI-LAYER PLATE EXAMPLE
In this section, the same multi-layer plate (discussed in section 3) is taken for the comparison of equivalent
thin plate models with linear elasticity solution. From Fig. 5, it can be observed that, since Guyader and
RKU models include the shear behaviour of the multi-layer plate in their formulation, they predict the critical
frequency of the plate with good approximation though the equivalent properties corresponds to thin plate. But
it is also seen that they exhibit poor correspondence with elasticity solution at higher frequencies, because these
models do not account for compressional effect in their theories. Also, it must be noted that, as the parameters
of equivalent plate models are fitted with a thin plate model, they can not be used with other models as thick
plate or full elasticity.

Figure 5. Transmission loss for the multi-layer plate (Plasterboard/Glue/Plasterboard) under diffuse field excita-
tion

6 CONCLUSION
A multi-layer plate of practical application is taken to illustrate the need to find the frequency limit for the
Added Stiffness (AS) model, as it is applicable only for thin multi-layer plates. From the wave propagation
analysis of the thick plate model, based on the Reissner-Mindlin plate hypothesis, the analytical expression of
the frequency limit for the thin plate model is derived. From the comparison plots, the deviations of transmis-
sion loss curves obtained from different models are observed after this frequency limit. It is also observed that
the thick plate (Reissner-Mindlin), Guyader and RKU models provide good approximation with the linear elas-
ticity solution by including shear effect of the plate but do not exhibit good approximation for the compressional
effect of the plate.
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ABSTRACT 
Many pre-state societies around the world give special importance to places where distinctive 

acoustic effects are generated. These places often receive special treatment including the production 
of rock paintings in them. In the Western Mediterranean, it seems that outstanding acoustic effects 
such as directional echoes, augmented audibility and long reverberation time are present in some rock 
art areas with Neolithic depictions made between the 7th and 4th millennia BC. These have been painted 
in different styles that have been given the name of Macroschematic, Levantine and Schematic rock 
art styles. On the basis of the results of our acoustic tests, we argue that there is a strong probability 
of acoustics having been used as a method by Neolithic artists to select the shelters in which to produce 
rock art. This paper presents the results of the ongoing ARTSOUNDSCAPES ERC Project on 
archaeoacoustics. This project seeks to explore the role of sound in the creation and use of rock art 
sites. he authors discuss the results of previous fieldwork in three countries (Spain, France and Italy) 
and the development of an innovative set of research methods that include 3D Ambisonic recordings, 
GIS soundshed analysis, and Transmission Loss measurements. 
 
Keywords: Archaeoacoustics, Rock Art, Neolithic, Soundscape, Mediterranean 
 

1. INTRODUCTION 
In the last two decades archaeology has gone through a renewal in the analysis of the materials left 

behind by past communities. Archaeologists are looking beyond the materiality of the past and trying 
to recover other less evident and intangible cultural signs such as those related to the senses, including 
hearing. These studies are based on the hypothesis that sound may have been as important for the 
people of the past as other more tangible aspects traditionally considered by archaeologists. Our 
interdisciplinary group formed by members of the Universities of Barcelona (prehistoric archaeology) 
and Parma (acoustical engineering) have been collaborating since 2015 in order to test the 
soundscapes of rock art landscapes. The first such collaboration took place in the context of the Marie 
Curie SONART project and, since October 2018, it continues in the framework of the ERC 
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ARTSOUNDSCAPES project. 

2. ECHOLOCATION AND THE PLACEMENT OF ROCK ART 
Several studies in psychoacoustics 

have demonstrated that some people 
have the capacity to locate places and 
orientate themselves by identifying 
the exact location where echoes and 
sound reflections come from. This 
ability, usually observed among blind 
people - but also sighted people that 
have been trained- is called 
echolocation (2) (3: tables 1 and 2, 4). 
Was echolocation used in the past? In 
answering this question, one of the 
major difficulties that archaeologists 
are confronted with is that this 
activity does not need or leave any 
sort of material culture. 

 In the field of rock art, the 
absence of material evidence related 
to echolocation has led specialists to 
search for indirect proofs connecting 
echoes and rock art. A high 
correlation between rock art sites and 
places where echoes are produced has 
been mentioned by several 
archaeologists (5). In most cases this correlation is made subjectively, based on the appreciations of 
the auditory experiences that the researchers themselves have encountered at the sites (6-9). A more 
objective approach has recently been introduced by archaeologists Margarita Díaz-Andreu and Carlos 
Garcia Benito in Spain (10, 11) and by Riitta Rainio in Finland (12). Both teams have conducted their 
tests using procedures developed in the field of acoustical physics. It is in this line that the authors of 
this article, an interdisciplinary team of archaeologists and acoustic engineers, have been working for 
the last two years. 
In 2015 our team developed a method to investigate the Direction of Arrival (DOA) of echoes and 
sound reflections. This method is a combination of 1st Order Ambisonics recording technique and 
Spherical camera pictures, and it is adapted to fieldwork in open-air landscapes (13). We have 
developed a specific software (called IR-Spatial) to post-process the 3D Impulse Response (IR) and 
to calculate the values for the azimuth, elevation and sound intensity of the sound reflections reaching 
the listener. The software also creates a slow-motion video that enables us to “see” where the echoes 
and reverberations come from during fieldwork. With the resulting data we calculated the 
correspondence between the DOA of sound reflections and the positioning of rock art shelters in the 
landscape. This methodology allowed us to further approach the question of whether echolocation 
was used by prehistoric populations in the selection and use of rock art sites. This methodology has 
been applied in the Schematic rock art landscapes of Baume Brune (Vaucluse, France) and Valle 
d’Ividoro (Puglia, Italy) (fig. 1). In both these areas, of the many available rock shelters, our results 
indicate that only a few were chosen by artists at the end of the Neolithic, and that these shelters 
corresponded with those with the best sound reflecting surfaces of each region.  

 

3. BEING HEARD AT DISTANCE: THE PROPAGATION OF SOUNDS FROM 
ROCK ART SITES 

Ethnography and historical sources indicate that some rock art sites, especially those used as 
venues for different activities, such as ceremonies with dance, music and sounds, were expected to be 
audible at distance (14-17). In these places, the sound coming from rock art sites was used to inform 
the members of the community that the ritual in the decorated site had begun or finished. Blesser and 

Figure 1 - Shelters 30 to 34 on the eastern side of Baume Brune 

(France). Only Shelter 3, the best sound reflecting surfaces of the 

cliff, has rock art (arboriform) (photo by the authors) 

282



 

 

Salter use the term “acoustic arena” to refer to the area where listeners become part of an acoustic 
community, as they can hear the same sonic event (18:22). In the same way as everyone in a concert 
hall wants to listen to the same music, or everyone within earshot of a church bell may feel rooted 
within the same community, the people in the area around rock art sites might have been interested in 
hearing what was going on inside the decorated sites. 

The concept of “acoustic arena” has important consequences: not only does it determine the 
maximum distance between a listener in the landscape and the source in the rock shelter, but it also 
defines the size of the rock art audience. The size of the acoustic arena can vary depending on the 

loudness of the signal and the 
ability of the place to propagate 
sound. The smaller the acoustic 
arena, the lesser and more private 
the audience. In this case great 
importance might be given to the 
negotiation about who should 
legitimately participate in this 
acoustic community. On the 
contrary, the broader the acoustic 
arena, the larger the audience. This 
implies a broader message for large 
gatherings of people.  

In our project we have 
investigated the propagation of 
sounds from rock art sites by 
modelling the so-called soundshed 
using SpreadGIS for ArcGis (1). In 
particular, we modelled the 
propagation of sound from a set of 
128 rock art sites in the 
mountainous region of Alicante in 
Spain. This area is unique in the 
Mediterranean in that it contains 
three different post-Palaeolithic 
rock art styles, all of which co-
existed during the Neolithic period 
(c. 5600-2800 cal BC) (19): the 
earliest Macroschematic motifs, 
and the somewhat later Schematic 

and Levantine styles. The chronological development and partial overlap of rock art traditions in this 
area allowed us to make comparisons between rock art styles in the search for patterns.  

The data obtained from the soundshed analysis reveal interesting results (Fig. 2). Firstly, there is 
a clear difference in the propagation of sounds between Macroschematic rock art sites, on the one 
hand, and Schematic sites, on the other, with values ranging from 12-33 hectares (Macroschematic) 
to 33-44 hectares (Schematic). These results seem to indicate that when the first Neolithic artists, i.e. 
those painting Macroschematic motifs, decided to decorate the landscape, they were less interested in 
reaching large audiences than the later Schematic artists. Instead, the creators of the latter rock art 
tradition appear to have taken a great interest in audibility in the wider landscape. Secondly, a close 
inspection of sites with two or more styles leads to further insights. When the Schematic artists had 
to make decisions on where to paint, among all the previously painted Macroschematic sites they 
tended to choose only those that had higher audibility, thus revealing that acoustic perception was one 
of the major elements in the selection of sites to be decorated. The results appear to reflect the relative 
irrelevance of audibility for Levantine artists in the Mountains of Alicante.  

 
 

Figure 2 - Interval plot (central tendency and variability of the 

data) of the audibility of sound produced within rock art sites in 

hectares according to the type of art: Macroschematic (M), 

Macroschematic and Schematic (MS), Levantine (L), Levantine 

and Schematic (LS), and Schematic rock art styles (S). (from (1)) 
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4. HEARING DISTANT SOUNDS IN ROCK ART SITES 
The ability of rock art sites to propagate sounds 

towards their surroundings has its counterpart in their 
ability to receive sounds coming from visually remote 
places. In this regard, it is not unusual to find anecdotal 
information in the literature about rock art sites at 
which sounds from the surrounding landscape can be 
remarkably well heard (20:123) (21:26) (22:10) 
(14:273) (10:3596). From an acoustical point of view, 
the audibility of sound sources placed at far distance 
from the listener depends mainly on the topography of 
places. Rocky landscapes full of hard vertical surfaces, 
as is the case of most of rock art landscapes, often have 
the potential to greatly enhance the auditory perception 
of distant sound sources. Canyon walls and vertical 
cliffs act like a set of curved or angled mirrors that 
bounce sound waves out and back at an unexpected 
distance, in a similar way to building façades in so-
called “city canyons” (23). Interestingly, the use of the 
mirror as a metaphor to explain the propagation of 
sound beyond visual barriers was first mentioned by 
Greek and Latin authors (24:704). In addition, the 
augmented audibility of distant sounds in rocky 
landscapes can also be enhanced by the curved surfaces 
of the rock shelters themselves that allow impinging 
sound waves to be reflected and concentrated at a focal 
point, like a parabolic mirror. A listener standing at the 
focus point may experience louder sound levels than in adjacent positions (25:97-100).  

 How can we measure the auditory illusion of proximity to distant sound? How can we verify 
whether there is a positive connection between this auditory illusion and the placement of rock art? 
Within the framework of the SONART project, we were able to assess experimentally this relationship 
by applying the Transmission Loss (TL) analysis at two rock art areas, Baume Peinte (26) in France 
(fig. 3) and Arroyo de San Serván (27) in Spain. TL analysis allows the identification of the sound 
level reduction (or attenuation) in decibels (dB) of a sound signal propagated between two points: the 
sound source and the receiver (28:175). Given a sound source in the landscape and a receiver placed 
in a rock art shelter, we assumed that the lower the attenuation, the higher the sound level that would 
be perceived at the receiver position (shelter) and therefore the better the audibility of distant sounds. 
In order to allow better comparisons, both shelters with and without rock art were measured. In our 
field tests, we used a portable loudspeaker placed in the landscape playing a 90.7 dB sine-sweep signal 
ranging from 20 Hz to 20 kHz and an omnidirectional microphone connected to a digital recorder 
installed in the shelter. As a second step in our analysis we used TL analysis to compare the measured 
attenuation at the receiver (shelter) to the attenuation that would be expected based on geometrical 
sound propagation in a free space (-6 dB per doubling of source distance, see (29)). If the measured 
and predicted attenuation values are similar, it means that the rock art shelters are not different to 
other places in the landscape, i.e. that the audibility of distant sounds at the receiver (shelter) falls 
within the average range of audibility in the area. In contrast, if the measured attenuation at the 
receiver position (shelter) is below that expected, it means that the shelter possesses the ability to 
increase the audibility of distant sounds. The final stage of our analysis was to compare values from 
different shelters (both with and without rock art) to verify whether there was a pattern of association 
between shelters with rock art and the augmented audibility of distant sounds.  

 The data obtained from the two rock art areas provided significant results (Fig. 4). They indicate 
that, given the same sound source, the signal received at rock art sites was louder than that received 
at non-rock art shelters. In terms of perception of distant sounds, this means that non-decorated sites 
offer the same degree of audibility as most other places in the landscape, while decorated sites are 
exceptional in that they can amplify sounds coming from an external source. In summary, our results 
indicate that the shelters at the Baume Peinte and Arroyo de San Serván rock art areas were possibly 
selected because of their higher audibility values.  

Figure 3 – Baume Peinte rock art site. (photo 

Ph. Hameau) 

284



 

 

5. CONCLUSIONS 
Archaeoacoustics – the 

archaeological study of how 
already disappeared societies made 
use of acoustics in the form of 
music and sounds – is bringing 
new light on the effect of the 
senses in the past. In this article we 
have shown that the results of 
acoustic tests made in rock art 
landscapes have revealed the 
importance of acoustic effects in 
the Central and Western 
Mediterranean during the 
Neolithic, a period in which the 
prehistoric communities of that 
area adopted agriculture in a long 
process covering the 7th to the 4th 
millennia BC. Our tests in sites in 
Italy, France and Spain point to the 
fact that there is a range of acoustic 
phenomena relevant for the people 
that inhabited each of the 
landscapes we have measured. 
Those discussed in this article are 
echoes and the ability to receive 
sounds coming from visually 
remote places. Yet, not all of them 
were present in the same location. 
The communities living in the 
landscape of Baume Brune 
(Vaucluse, France) and Valle 
d’Ividoro (Puglia, Italy) were 
sensitive to echoes, something we have been able to demonstrate thanks to the study of the Direction 
of Arrival (DOA) of echoes and sound reflections. Instead, those living in the mountainous area of 
Alicante liked being heard at a distance, but not to start with (when the earliest Macroschematic style 
was painted) but at a later time in a period between the Neolithic and the subsequent Chalcolithic 
(when Schematic rock art style became common). We have managed to prove this distinction by 
studying the “acoustic arena” or the soundshed using SpreadGIS for ArcGis. In contrast to these two 
areas in the Baume Peinte rock art site (also in Vaucluse, France) and in Arroyo de San Serván rock 
art landscape (Badajoz, Spain), a third distinctive acoustic effect was preferred at the time of choosing 
the sites to be painted: the ability of these rock shelters to receive sounds coming from visually remote 
places. We were able to discover this by undertaking the Transmission Loss (TL) analysis in which 
we compared, as in previous cases, sites with and without rock art. These results show that working 
in interdisciplinary teams – in our case archaeologists and acoustical engineers – brings new evidences 
about the importance of the intangible among prehistoric societies. Our tests reveal new aspects of 
the past that were considered to be beyond analysis.  
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ABSTRACT 
Nearly 15 years of research on the acoustics of pots from 11th to 18th centuries have led us to crossing data 
from various disciplines and developing a specific methodology. The presentation analyzes the pitfalls of 
interpreting this technique through the eyes of the scholars that have addressed the issue since antiquity and 
of written mentions rather than using the archeaoacoustical data found in France and Europe. An 
archeoacoustic research will only be meaningful if it can prove a deliberate intention to produce an object 
with an acoustic function. However, such a proof necessitates observing regularities, by studying several 
buildings or objects that attest that an effective choice has been made. A common error is to restrict the 
hypotheses to those which are scientifically admissible today. The case of pots acoustics is particularly 
edifying in this respect. Nevertheless, precise analysis of historical texts makes it possible to widen the field 
of hypotheses. Semantic study of the evolution of the meaning of key words and their associated concepts 
makes it possible to study the evolution of the acoustical techniques and to observe their progress through the 
centuries. 
 
Keywords: Archaeoacoustics, History of Sciences, History of Techniques,  

1. INTRODUCTION 
Archaeoacoustics is a growing science in the acoustics community as well as archaeologists and 

musicologists. But behind the word archaeoacoustics lie many practices that differ considerably not 
only in their objectives but also in their methods and approaches. They include, for instance, the 
reconstruction of ancient instruments from iconography, measures to better understand how speakers 
were positioned during prehistory, digital simulation of theatres of the 18th century, or the question of 
acoustic pots. None of these examples are similar, although we can admit that all of them are 
archeoacoustics. 

Our purpose is not to develop a general method that define virtuous scientific approaches, but to 
point out the difficulties of certain practices of archeoacoustics when, in addition to material evidences, 
texts exist written by scholars, scientists, or men of practice. However, these texts are not recipe books, 
which precisely describe techniques related to acoustics. They are either texts of scholars (Aristotle, 
Saint Thomas Aquinas, Mersenne) who describe physical phenomena or devices, texts of architects 
(Vitruvius, Alberti, Philibert de l'Orme), texts of abbey chroniclers, or finally texts of practitioners 
(mason, potters) who report their daily practice (1, 2, 3). They are therefore different in their level of 
knowledge, especially since acoustic was far from being a stabilized science at their times. We have to 
"put ourselves in the place" of the authors to understand their point of view and understand with which 
authority they are speaking (specialists, observers, builders, payers …). 

Beyond the contents, the very understanding of the texts is in question. Studies on the Latin 
vocabulary used in Vitruvius and its translations into Old French are interesting from this point of view  
(4). In particular, the gradual shift of meaning of the word resonance between Vitruvius’s and the 
present epoch is a source of ambiguities, both for historian who use it in a common sense but also for 
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acousticians who use it with the restricted sense of today's science. The position of the observer must 
also be analyzed with care in the study of literature and historiography. Researchers from the 
humanities often have an incomplete view of acoustic effects and minimize their complexity. By 
symmetry, researchers from the physical sciences often overlook the analysis of texts and the context 
of their production. They often use an advantageous quote that reinforces a theory previously defined 
by them. Developing these reflections is the topic of Section II of the paper, entitled "Avoiding 
anachronism". 

Our experience has shown us that we have to start from low-level, uncompromising hypotheses, 
that are commonly accepted by the community. We must avoid wanting to prove a theory from the 
beginning with few data. We must diversify the origins of the hypotheses, for instance from outside the 
scientific fields, such as explanations of religious or symbolic nature. Above all, it is important to 
collect a large amount of data of all kinds and to observe the techniques on large scales. The conclusion 
of these observations must then be confronted with specific buildings. It is developed in Section III 
entitled "Starting from Low Level Assumptions".  

Finally and before the conclusion, we apply this methodology to the question of acoustic pots 
(Section IV), bringing unexpected observations for acousticians since pots are as much related to 
acoustics as to musicology or symbolic representations.  

2. AVOIDING ANACHRONISM 

2.1 Learning the history of acoustics science and technology 
The first thing to consider is the general framework of admitted knowledge at the considered times. 

The science of sound, acoustics, does not take autonomy until the 17th century; the word "acoustique" 
(acoustic) was first invented by Sauveur in 1700. Does it mean that the problems are absent from the 
texts of scholars? of course not. Until the 17th century, the "scientific" culture includes four 
disciplines: arithmetic, music, geometry, and astronomy, called the “Quadrivium”. The study of 
sounds was therefore a part of music, which was the science of proportions; it was rational calculation 
according to Pythagoras. Geometry had also to do with sound since the interpretations of sound 
propagation were of geometrical nature in the straight line of the Aristotelian interpretation.  However, 
already at the end of the Middle-Ages and at the Renaissance, the link between music and acoustic 
science no longer seems so obvious. For example, the architect Alberti (5) does not hesitate to write, 
"he [the architect] did not need to be a musician, just because the vases are arranged in the theat res". 

As far as we know, concerning acoustic correction for example, the effect of the resonance of pots 
was known at that time in terms of amplification. The geometry of the pot was said to have an 
influence on its resonance (6). The effects of absorbing vaults were known (5). On the other hand, we 
have no mention of the effect of absorption by pots, but we have some for curtains (7). 

2.2 Prioritizing written sources 
One of the problems with the use of sources is who is writing and from which point of view. Indeed, 

history in general, and the history of science in particular, are characterized by the analysis of almost 
exclusively written sources. We consider four sources of texts: texts from scholars, abbey chronicles, 
texts from architects, and texts from artisans. 

In filiation with Antiquity, scholars from the Middle Ages to Renaissance are the first source of 
texts because they had an homogeneous culture based on the readings of ancient texts (8). Then come 
the abbey chronicles, such as daily registers, which can be factual and describe building works in a 
church, for example. They are often associated with moral remarks or supposed intentions  on the 
potential success (or not) of the architectural modifications. However, sources are diversifying at the 
Humanist Period with in particular books of architects and some literate artisans.  

Striking is the difference between the words of architects, Alberti or Philibert de l'Orme, and those 
of scholars. Architects make comments that do not only refer to ancient sources, which they do not 
seem to ignore, but also to a certain practice that has to be the practice of their time. Without straining 
lines, one can say that their remarks probably hoard the knowledge of the times in which they lived. 
When Alberti writes that the voice of the preacher is better understood under a wooden ceiling than 
under a stone vault (5), he describes a perceived reality that today is fully accepted and explained: 
reverberation times are lower under a wooden vault due to low frequency absorption. This is ignored in 
the "theoretical" treatises, as far as we are aware of it. 

The chronicle texts are short mentions, most of the time related to buiding work orders. They are 
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not intended to describe phenomenona nor to reflect physical reality but just to record factual 
information. On the other hand, they give indirect testimony of the context in which the work was 
carried out, particularly by the vocabulary they use. The latter often retransmits the nature of the 
exchange between the authorizing officer of the order and the executor.  

For scholars and architects, biographies can give contextual elements; for the often anonymous 
others, only socio-professional or regional context can provide information. 

2.3 Acertaining the meaning of words – avoiding historical misinterpretations 
One of the difficulties we have had to face is the question of understanding the texts. In fact, many 

misinterpretations appear in the translations from Latin to modern French (or modern Italian, or 
modern English) concerning the vocabulary of sound because of misunderstandings of technical 
vocabulary. The most obvious case is the Latin word "Circumsonantes", which Vitruvius clearly 
describes as reverberation, but which is almost never understood in this way by translators. Vitruvius 
writes that “the circumsonant [place] are those where the voice, wandering round, is at last retained in 
the centre, where it is dissipated, and, the final syllables being lost, the mea ning of words is not 
distinguished” (8). It perfectly describes the effect of reverberation. 

At the Renaissance time, this problem was critical too. The most singular case is the term resonance, 
which we have studied (9). In Latin, it clearly is a simple reflection, and is synonymous with echo. But 
gradually, it takes the sense of amplification of sound (without necessarily  involving reflection), and 
only late in the 20th century its current physical meaning. The problem is that all these meanings of the 
word resonance are still preserved in French and most European languages. For example, Sabine 
remarks that « The word resonance has been used loosely as synonymous with reverberation, and even 
echo, and is so given in some of the more voluminous but less exact popular dictionaries» (10). 

There is still much to be done on analysis of the texts of scholars. For example, a recent study 
analyzes the translation of the text of Vitruvius by Jean Martin, at the Renaissance time. It helps to 
better understand his translation strategy: Martin, as often in the Humanist Period, makes an effort to 
include in the text of Vitruvius the language of the masons. Like an anthropologist, he thus collects 
information on the language of craftsmen (4). 

3. DEPARTING FROM LOW-LEVEL HYPOTHESES  

3.1 Avoiding to demonstrate a "theory" 
To start from low-level hypotheses means that we must liberate ourselves intellectually from 

current scientific results and start from hypotheses admitted as well by acousticians as archaeologists 
and historians. It is possible, for example, to start from the principle of an acoustic rather than a 
thermal intention, in conformity with the texts. At this stage and without data, we do not have to 
specify the nature of the acoustic intention. 

 In a second stage, this intention can be declined in several fields that are then explored one by one. 
It may seem tedious, but it is the only way to avoid overlooking a possible explanation and to 
guarantee good overall consistency. 

3.2 Diversifying the sources of hypotheses 
If an intention to act in one direction is really identified, it is then necessary to check whether its 

implementation is credible with regard to the knowledge and the experimental capacities  of the 
considered periods. For acoustics, this point is often evaded. Acoustics, as we have seen, was not 
defined as a specialty in itself. Interpretations have to be compatible with knowledge in geometry and 
music. Furthermore, experiments have to be compatible with auditory capabilities because it was the 
only way to test. 

Further, it is also necessary to extend the range of hypotheses to disciplines outside the acoustic 
field. Explanations of the world were multi-factorial at that time, because a link between music and the 
organization of the cosmic world was taken for granted.  

 

3.3 Collecting data vs. writing monographs 
Archeology of buildings often involves studies of specific buildings in the form of 

multidisciplinary monographs. It is obviously very effective when one wants to understand all the 
aspects of a particular space; but the few rare, typically acoustic elements found are not really studied 
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and appear at most as peculiarities. Many buildings have been analyzed in the past without mentioning, 
or just at the turn of a sentence, the presence of acoustic pots, or of a whispering room, without further 
analysis. 

We must therefore find ways to carry out large studies, at the scale of a region or a country, to see 
if we can identify characteristic features of a technical culture, of a regular practice that give matter to 
interpretation. We must identify particularly well-chosen buildings about which there are texts, 
in-depth studies, or known historical developments (foundation, works ...). 

3.4 Accepting unexpected results  
We have to accept that an explanation compatible with today's knowledge can be coexistent with an 

associated religious (or symbolic) interpretation without having the impression that it disqualifies the 
interpretation. Until the Renaissance, even technical objects could have symbolic interpretation. This 
does not disqualify the utilitarian use of technical objects. 

4. ACOUSTIC POTS: A CASE STUDY 

4.1 Assumptions and hypotheses vs. texts 
4.1.1 Acoustic effects 
Today, 20th century physical science has established that a series of wall-mounted pots has four 

cumulative effects around their resonant frequencies when they are far from the sound sources: 
amplification and reverberation near the pots, associated with diffusion and absorption elsewhere, in 
accordance with the principle of energy conservation. To those effects is added a coupling effect that 
brings a very strong reinforcement of the voice around the resonance frequency of the pot, when the 
pot is close to the mouth of a speaker. 

There are therefore five possible identifiable effects. Depending on the volume of the space, the 
position of the pots in relation to the sound sources or in relation to the listeners, the perceptive effects 
are exerted differently. It is particularly clear for acoustician experts that a few dozen pots have no 
measurable effects in a church of even average size: it would need hundreds of them at least. 

4.1.2 The words and expressions used 
To describe the effect of pots, we find the following expressions: "echo", "It will b e easier to sing 

[...] and it will resonate louder", "so that the voice of God is more easily heard","apt to make the voice 
resonate”,,"the sound ... becomes softer when we sing and play". We identify two semantic fields, one 
related to physics in which the main notion is amplification, the other to perception with the notion of 
"facilitation of singing" or the use of the word “soft” (1-4). 

 
4.1.3 Assumptions by non-acousticians 
Non-acousticians, be they 19th century’s scholars or 20th century’s archaeologists, have accepted 

the hypothesis of amplification. Historiographically, it is most logical. However, among scholars of 
the times, voices rose to say that it is not so simple, which has led to some skepticism on the issue. For 
example, Alberti writes that it is not easy to put acoustic vases in theatres as Vitruvius recommends. It 
is not simply a comment over the Roman architect, but the taking into account of a reality he seems to 
know well. Mersenne also criticizes Vitruvius's echea, which he thinks could not resonate under the 
sole effect of the voice; but contradictorily, he declares in he following that earthen pots can resonate 
with the voice. 

An additional point in favour of an intention to amplify the voice is that it is credible with regard to 
the experimental means of the epochs concerned. Indeed, determining by ear the resonant frequency is 
very easy by tapping on the neck or singing near the pot as Leonardo writes in one of his notes (6). 

The hypotheses of historians do not stop there. Indeed, the pots are organized in space or inserted 
into painted decorations. Thus the hypothesis that they form symbolic representations in relation to 
religious or symbolic objectives is now admitted (3). 

 
4.1.4 Assumptions by acousticians 
20th century’s acousticians reject the hypothesis of amplification because it is incompatible with 

the arrangement of the pots and not in accordance with today's knowledge. Their main hypothesis, and 
the most logical in terms of current knowledge, is a remote effect of sound absorption in the likely goal 
of reducing reverberation. The factual reason is that pots are generally far from the sound sources, 
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except in very rare cases, and that only absorption effect is then possible.  
This very restrictive assumption is not based on any text. Dedicated measurements gave very little 

result (11,12,13) which led to a lot of frustration and some experts to look for new, even more 
improbable and less documented, physical hypotheses (thermal regulation, moisture absorber ...).  

Even in the absence of text, methodological difficulties remain concerning the absorption 
hypothesis in order to decrease reverberation. As said previously, we find mentions of problems of 
perception of sound related to church reverberation in Alberti (5) and in a more recent text from the 
daily register of the Abbey of Montivilliers (7). Assuming the reality of this hypothesis, it would still 
be necessary to prove by archaeological texts or data that the pots were chosen in relation of acoustic 
characteristics percieved in the buildings. In other words, it seems difficult to adjust the resonant 
frequency of the pots to the sound of the building. 

This hypothesis is slightly more conceivable in the case of pots inserted after the building of the 
church; however, in the case of pots inserted from the beginning of the building, it assumes an 
anticipation that is less admissible. Although centuries of construction and of accumulation of 
empirical knowledge may have led to empirical considerations, no text corroborates this practice.  

Therefore, the absorption hypothesis poses methodological problems of historical type in the sense 
that it is essentially derived from extrapolation of current knowledge. 

4.2 Our method: do not have assumptions - accept all hypotheses and work on the 
intention and choice of pots 

4.2.1 The question of intention: "Vox - Locus - Transitus" 
When one cross-analyses the texts, the buildings and the archaeological observations, one obtains a 

large number of hypotheses, all of which with some connection to the voice. From our point of view, 
separating singing and its symbolic strength from the other modes of vocal production is not relevant 
for the times concerned. 

Experience has led us to classify our field hypotheses into three areas that we have called "Vox", 
"Locus" and "Transitus": 

- "Vox" gathers all the written and archaeological evidences related to the voice about a building. 
- "Locus" gathers all the written and archaeological evidences compatible with the idea of acting 

on the acoustics of the building 
- "Transitus" gathers all the written and archeological evidences for an action aiming to elaborate 

a symbolic link between human singing and divine singing. 
Note that these three interpretative areas are not incompatible. One can for example find pots with 

frequencies tuned to a fourth and positioned in triangles or crosses, which amounts to saying that 
intention to act on the voice ("Vox") is as probable as intention to act on the symbolic plane 
("Transitus"), without really being able to distinguish the two intentions. 

 
4.2.2 Elaboration of a corpus and choice of specific buildings 
Our research covers a corpus of more than 50 buildings in which we have systematically collected 

the positions of the pots, measurements of their resonance frequencies, archaeological data, and 
textual data if necessary (1,2). 

Then we selected three particular buildings, the crypt of the cathedral of Noyon, the “Abbaye des 
Anges” in Brittany, and the Abbey of Montivilliers in Normandy, which is presented later on. 

 
4.2.3 The question of choice 
One of the first results of this methodology is clearly, and contrary to the doubts expressed by some 

authors in the wake of their disappointing observations, that the insertion of pots does correspond to an 
acoustic intention in the broad sense.  

Once this intention is proven, the second question concerns the choices: as said above, chosing pots 
to act on a building is a bold assumption. However, statistical analysis of the corpus and the analysis of 
particular buildings give a framework which we explain in reference (7), the essential characteristics 
of which are: 

- A frequency range of pots between 100Hz and 400 Hz, which confirms previous European studies 
(11,12,13). 

- Identification of groups of pots tuned to frequencies either a fourth or a fifth apart; or distributed 
over a fifth or an octave, continuously or discontinuously 

- Pot groups have a low frequency dispersion of about 5% relative to manual production 
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- They are most often located high above the floor 
- They are more numerous when the churches are large 
- In monastic churches, they are more often in the choir, unlike in parish churches, or they are 

distributed throughout the space.  

4.3 Interpretation and surprising results  
4.3.1 Overall interpretation 
All these results lead to two complementary interpretations that depend on each other.  
The first interpretation is that the difficulties linked with the perception of sound in large spaces 

("Locus" hypothesis) lead to use the pots in terms of amplifier ("Vox") to fight against reverberation. 
If this explanation is surprising from a physical point of view, it should be noted that in small spaces, 
like the crypt of Noyon, this effect has been proved, even if it does not work quite as imagined by the 
ancients in their writings. Extrapolation to larger buildings, though not convincing in terms of results, 
is probably due to traditional extrapolation of what is noticed on small buildings. 

The second interpretation is that local amplification of the voice through pots ("Vox") represents a 
mediation between the word and the songs of officiants and monks or nuns, and the divine word 
("Transitus"). The power of this belief has probably allowed pots to remain a technique used over a 
long period of time despite its lack of efficiency in large buildings.  

 
4.3.2 Open questions 
While these interpretations are suitable for all buildings, even special cases, there remain 

outstanding acoustic and archaeological questions.  
One of the questions is that, when groups of pots are tuned, they are often tuned at the fourth. This 

may seem surprising. From the point of view of musical theory since Pythagoras, the fourth is 
consonant just as the fifth and the octave. But musicologists know that the fourth was progressively 
abandoned because of its observed inharmonicity. This point should therefore be considered from a 
musicological point of view. 

Another difficulty is the orientation of the pot distribution as a function of frequency. In the 
majority of buildings, the low frequency pots are mostly located on the left looking at the choir (North 
side) and high frequency pots mostly on the right (South side). This makes think of an organization of 
the different voices of the singers around the lectern. This point, like others, is under study.  

5. CONCLUSIONS 
Archaeoacoustic issues in periods where coexist texts and archaeological evidences pose particular 

difficulties. A purely experimental approach to the objects or devices of acoustic nature is often in 
contradiction with texts. But these texts are no recipe books, and reather describe reality from the point 
of view of their authors. 

Caution is therefore advisable. One must be open to all possible explanations even when they shock 
current scientific conceptions. Interesting is then to see emerge a whole science of acoustic techniques 
in construction with its beliefs, its failures and its successes 
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ABSTRACT 
Montivilliers Abbey near Le Havre in France presents a case where pots in the vault were obviously 
employed to act on the acoustics. The archives of the abbey contain a written mention that links pots with 
acoustics. Originally built in the 13th century, the Romanesque vaulting of the transept crossing was later 
modified at an unknown date by the addition of pots. In 1648 the vaulting was lowered down, hiding the 
original pots. A dozen of new pots were inserted in the new vault. The presentation focuses on the acoustics 
of the abbey and documents the organization of the pots by the builders in the 1st and the 2nd vaults. 
Room-acoustical measurements of the church were also carried out in order to evaluate its acoustical quality. 
A major conclusion is that lowering the vault has singled out the church choir where the nuns chanted and 
which is characterized by reverberation times lower than in the nave. Intermediate reverberation times were 
measured in the crossing. Reverberation times in octave 125Hz, which includes the resonance frequencies of 
the pots, are marginally lower in the choir and the transept for source in the nave, which could indicate an 
effect of the pots. 
 
Keywords:  

1. INTRODUCTION 
Singing and speaking are fundamental practices in the religious sphere. The texts of the Church 

fathers and their commentators are explicit about it. The evolution of singing from monophony to 
polyphony is also well-documented (1). What is less known are the methods and techniques used by 
builders for modifying spaces to better serve songs and words. Many assumptions exist, but theoretical 
texts from Antiquity (Aristotle, Vitruvius), to the Modern Era (Mersenne, Kircher), even those of 
architect (Alberti, Ph. De l'Orme), are discrete on these practices (2). 

Acoustic pots, spread throughout Europe from Antiquity to the 18th century, are one of the few 
identified evidence of efforts to modify sound spaces (2). Rediscovered by scholars in the 19th century 
but badly understood due to deficient acoustics knowledge by archaeologists, it was revived in recent 
(3, 4). 

From some 50 churches throughout France and Europe, rules for pot implantation and selection 
according to resonance frequencies have been determined by acoustic measurements. More than 1000 
pots have been analyzed, and lead to the determination of trends in space according to resonance 
frequencies and liturgical uses (5). More recently, effort has focused on particularly significant 
buildings such as the Abbey Church of Montivilliers. 

 

2. HISTORICAL ASPECTS 
Montivilliers has several unique features. The project aims at better understanding the historical 

sequencing of the building modifications and their reasons. 
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2.1 Historical sequence  
The plan of the Church of Montvilliers (Figure 1) shows the separation between the monastic 

Church of Notre-Dame and the parish church of Saint-Sauveur. According to the sources, (3) the nuns 
were mainly located in the transept crossing, the very place where modifications related to the 
acoustics were carried out. Figure 2 sums up the available information. 

Figure 1: plan of the Church of Montivilliers with the Abbey part (Notre-Dame) and the parish part 
(Saint-Sauveur), probably separated by a gate. 

 
The Abbey was consecrated in 1141 and the Romanesque vaulting was realized in 1251, probably 

without pots. Between this date and 1648, pots were added to the vaulting as shown in Figure 3, at an 
unknown date. This was probably at the time of the apogee of the Abbey as a result of awareness of 
discomfort due to reverberation. The ceremonial of 1626 is quite explicit, as shown in Figure 4. It 
recommends that the nuns leave "some small space (...) at the end of the verse before starting the 
other." Likewise in the responses from one choir to another, "one must not take over immediately: but 
wait for them to be finished, & the other choir will take over with what it must say..." The nuns were 
separated into two choirs, with the indication that "all the above inclinations must rotate from choir to 
choir". 

 
Figure 2: historical sequence of acoustics-related interventions. 
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2.2 Text mentions in “ceremonials” and “daily registers” 
The 1626 ceremonial traces the experience and practice of the years or even centuries before. 

Polyphony further complicates the perception of voices and of overall harmony, but we do not known 
if it was in use at Montivilliers. In any case, this type of mention is not common in ceremonials. But it 
can be set in relation with the description of very reverberant places ("circumsonens") by t he Roman 
architect Vitruvius, described as  

"those where, by the fact that [the voice] spins around, only producing reduced effects and 
making the words ring without their end terminations, it dies out leaving their meaning 
uncertain" 

 

      
Figure 3: pot number 14 in Romanesque vaulting.    Figure 4: extract from the ceremonial (page 9) 

 
In his 1787 "dictionary of music", Meude-Monas recommends to the chapel masters to play only 

slow music in large spaces:  
"Chapel masters [...] do not pay enough attention to the space the sound has to cross, and 
consequently to the size of the space. They should know that lively pieces executed in a vast and 
sonorous place, produce only confusing noise, not a clear and detai led execution. It is therefore 
necessary, in a large space, to only sing pieces of an easy, noble and posing character.”   

The sound question is also present at ceremonies hosting large audiences. According to the daily 
register, on 30 November 1643, the nuns were visibly embarrassed by the hubbub and "one was 
obliged to draw the curtain to sing with more devotion" (Figure 5).  

 

 
Figure 5: extract from the daily register for 30 November 1643 

 
The curtain seems to satisfy two functions: refocusing the nuns on their prayers by limiting the 

space (visual aspect); damping space a little (auditory aspect). This interpretation could seem arbitrary 
if it did not appear 5 years earlier in the daily register on the day where the vaulting was delivered (29 
November 1648, Figure 6), where it is written that the embellishment of the choir is above all made 
"for the relief of voices and singing" 

 
Figure 6: extract from the daily register for 29 November 1648 (file 349) 

In the 5 years between these two notes, there is no mention of building works in the choir itself, 
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only in the refectory and the dormitory in 1647: they are adjacent to the south transept. The register 
very rarely mentions building decisions nor the discomfort they cause, but only their reception. On 
delivery, the nuns seemed reassured because the Abbess had them sing the Te-Deum in the presence of 
the workers "to have preserved them during this very risky work", a sign that it did not take place 
without disturbance for the community. 

 
Though difficult to prove an intention to act on the acoustics when the pots were inserted in the 

Romanesque vaulting, it seems that lowering the vaulting in 1648 was undertaken to act on the 
sonority of the space, the space was not very comfortable acoustically for the choir of the nuns.  

3. ANALYSES OF THE POT SYSTEMS 
What distinguishes Montivilliers is not several distinct series of acoustic pots nor the addition of 

pottery on pre-existing vaulting, but that these successive devices concerned the same part of the 
Church: the crossing of the transept, traditionally reserved for singing. However, in spite of the texts 
evoking the acoustics difficulties encountered and the associated site works, no mention of pots has 
been found until now in the texts of Montivilliers.  

A comprehensive international study of acoustic pots has led to four characteristics (5): 
Point1. Pots are chosen in relation to their resonance frequency, mostly in the range of the singing 

or spoken voice. 
Point 2. This choice is organized:   
- the set of pots is homogeneous in frequency (unimodal type) 
- two groups of pots are chosen and tuned to the fourth or the fifth (bimodal type) 
- continuity of frequencies over an octave approx. (continuously distributed type) 
- discrete distribution most often over an octave (discontinuously distributed type) 
Point 3. Pots are organized in space according to: 
- a high/low principle 
- a north/south principle 
- both sometimes 
Point 4. Pots are positioned:  
- above the monks/nuns or in the liturgical choir 
- in the entire space 
Characteristic 4 (point 4) is evident in Montivilliers, as in many monastic buildings. But in 

Montivilliers with its two liturgical spaces, only the monastic space is concerned. The other three 
characteristics differ for the Romanesque and the modern vaulting. The points 1, 2 and 3 is analyzed in 
the following. 

3.1 Romanesque vaulting 
There are originally 18 acoustic potteries. 16 were installed at the corners and 2 on the piers 

supporting the arches. Niches were practiced in the masonry for inserting the pots (figure 3). They 
were sealed with mortar shaped in form of reflector around the opening of the pots. Today, 17 pots are 
in place, and one is kept in a Museum in Rouen. We have carried out acoustic measurements of the pots 
as well as non-invasive acoustic and archaeological observations. Some pots are cracked and several 
types of pots have been used: globular belly, conical belly, round belly pot without collar. 

The analysis of the measurements follows the preceding classification. 
3.1.1 Choice of pots (Point 1) 
The number 18 is not a surprise, but symmetrical distribution would lead to 24. There is no trace on 

the walls that there have been so many. Only 10 pots give reliable frequency measurements, and 17 
reliable geometric measurements. 

Figure 7-a and 7-b respectively present the frequency distribution of the 10 non-broken pots and the 
depth distribution of 17 geometrically measurable pots. Pots are numbered clockwise from 1 to 18 
starting from the northwest pillar. The frequencies are rather evenly distributed from 130Hz to 252Hz 
or approximately from C2 (130 Hz) to C3 (260 Hz), i.e. one octave. These frequencies are quite 
characteristic of what is observed in France, with an average at Montivilliers of 177 Hz and a 
dispersion of 23%. For a monastery of nuns, the frequencies correspond to the range of female spoken 
voices, but not to singing voices: it is globally too low, corresponding to the lower range of current 
Alto voices.  
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Figure 7-a : frequency distribution of 

non-broken pots 
Figure 7-b: depth distribution of 17 pots 

 
3.1.2 Frequency organization (point 2) 
Grouping does not resist analysis. In the classification, it corresponds to an extended frequency 

distribution. As shown in Figure 7-a, linear regression gives a very high correlation coefficient. The 
distribution of the lengths of the pots is even more linear and cannot be due to chance. 

Correlation between frequency and length for the 10 measurable pots is -0.95, which is statistically 
significant. We expect a minus sign as frequency is inversely proportional to the square root of the 
volume, which increases with length. Correlations between resonance frequency and neck length, resp. 
neck diameter, are as low as -0.2 and 0.25. This indicates that choice is made on the volume, and that 
the shape of the pots must be relatively homogeneous, conical or oblong, as observed by the 
ceramologist. Indeed, if parts of the pots were globular, the correlation with the length would not be as 
strong.  

Pots were thus chosen in quasi-linear fashion covering an octave, a "continuous distribution" in our 
terminology. But this choice is difficult to explain, as it does not correspond to the range of the singing 
voice. 

3.1.3 Spatial organization (point 3) 
Frequencies are on average higher on the north wall and lower on the south wall, inversely to the 

general trend.  

3.2 Modern vaulting 
Acoustic measurements were carried out with a nacelle. There are 25 pots, 6 on each pillar at the 

bottom of the vaulting, except the North-West one with 7. The rule of 6-grouping is almost respected. 
Cochet (9) mentions that a pot was taken down in his time, but direct observation does not confirm it. 
Unlike the pots of the Romanesque vaulting, all pots were installed during the construction of the new 
vaulting, which is confirmed by the fact that some pots are partially masked by the ribs.  

After cleaning all pots but one that was not accessible, resonance frequencies and geometrical data 
were systematically collected. What strikes is the great homogeneity of pot shapes: long and straight 
necks, sometimes flared, sometimes with a flat bottom. It could be a model of pot for culinary use 
(carafe). The mean resonance frequency is 117 Hz with 7.5% dispersion, and the mean height of the 
pots 33 cm with 6.8% dispersion (Figure 8). Necks vary most with average external diameter 79.4mm 
(7.7% dispersion), length 143mm (nearly 13% dispersion) and average narrowing 62.5mm 
(12%dispersion). 

3.2.1 Choice of pots (point 1) 
The configuration differs from the Romanesque Vaulting. The two difference are: a lower mean 

frequency of 117 Hz, corresponding to the spoken male voice, certainly not to a female voice; a narrow 
range of frequencies (104 – 136 Hz, about G#1-C#2), that is, 7.5% variation, just slightly larger than 
manufacturing randomness for pots which is in the order of 5%. 

3.2.2 Frequency organization (point 2) 
The 3 pots standing out of the main group have an average frequency of 133.7Hz (2.63% 

dispersion) and the main group 114.4 Hz (5.45% variation) and 133, 67Hz (2.63%), slightly more than 
one tone, which is hardly interpretable in terms of musical theory and relevance.  
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Figure 8: histogram of pots per resonance frequency 

 
3.1.3 Spatial organization (point 3) 
No clear trend could be singled out. 

4. ACOUSTIC MEASUREMENTS 

4.1 Hypotheses to check 
The texts mentioned that the acoustics of the Church could be cumbersome for the voices, and 

corrective actions were clearly undertaken throughout the centuries. Acoustic measurements were 
planned to verify whether the pots have an effect in the 125Hz octave band, as the 17th century pots 
resonate in this band. 

4.2 Measurement method  
The acoustic measurements were carried out by the LAM team of the Institut D'Alembert at 

Sorbonne University, using an omnidirectional source "outline GSR", a "Tannoy VS10" subwoofer , 
and an "Ambisonics® SoundField ST250" microphone. The measurement software is the "Aurora" 
plug-in (6-8) installed on "Adobe Audition", which drives a "motu traveller" sound card. The protocol 
consists in transmitting in the church a sine-sweep of 20 to 20kHz and 10s duration, and to record the 
microphone signals simultaneously on the computer.  

There were 3 source positions and the 10 microphone positions. The source positions are imposed 
by the configuration of the Church, with its well-delimited choir and nave volumes, and the transition 
through the transept crossing. The same applies to microphone positions, which are distributed in each 
volume.  

4.3 Results 
Only the omnidirectional responses (output W of the Ambisonics ST250 microphone) and the 

lateral responses (output Y, figure-of-8 response) were analysed.  
 

 
Figure 9: Mean reverberation times (RT) and EDT in Montivilliers. 

 
Figure 9 shows the mean reverberation times (RT) in Montivilliers. In fact, they vary slightly 

depending on the source position 
RTs at Montivilliers are surprisingly short for a 14000m3 church: around 3 seconds at mean 

frequency, which is rather good for intelligibility. But the critical distance is only 20 m, and speech 
will not be really intelligible beyond that distance. Sounds emitted in the choir will hardly reach the 
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nave, justifying the installation of the choir of the nuns at the transept crossing. 
Detailed analysis of the RT reveals 3 coupled volumes: the choir, the transept with its crossing, and 

the nave and its aisle. Indeed, RTs are the same throughout the church for the source in the nave But 
RTs increase for the source in the choir when the receiver moves from the choir to the transept and to 
the nave. Lowering the vaulting of the transept crossing certainly improved the acoustics, but only that 
of the choir by reducing and confining its volume. For the other parts of the church, it has probably not 
changed much.  

The average levels in the nave are significantly higher for a source placed in the transept crossing 
than in the choir, and the inverse for the average level in the choir. This corroborates independent 
coupled volumes, and the assumption that lowering the vaulting of the crossing has improved the 
acoustics of the choir, but only in the choir. 

As for an effect of acoustic pots on reverberation, it is not visible since there are virtually no RT 
differences between the transept crossing and transept, the and that RTs are significantly lower in the 
choir.  

5. SYNTHESIS OF RESULTS AND PERSPECTIVES 
The Abbey of Montivilliers is a very special case where during 4 centuries it is possible to identify 

building works related to acoustical purposes.  
Local texts from the 17th century are particularly explicit regarding both the discomfort felt by the 

nuns when praying and the building works undertaken to relieve their voices. The bu ilding sequence 
long, with a first lowering of the vaulting at the crossing, the insertion of pots in the Romanesque 
vaulting, the use of a curtain to separate the parish part of the church form the monastic part, and a 
further lowering of the vaulting with new insertion of pots. 

In this paper, we have presented two superposed systems of post. In the first system, the pot 
resonance frequencies are regularly spread in frequency on an octave in the range of a female spoken 
voice, but also in the very energetic 250Hz band. The second system of pot is much more homogeneous 
with respect to sizes and frequencies, all of them in the 125 Hz octave band which is difficult to relate 
to the voice. The question therefore arises whether in the 17th century knowledge concerning pot 
selection had been lost or whether this frequency range was a deliberate choice whereas pots are tuned 
on voices in the majority of buildings in France. From a point of view of Architectural Acoustics , 
current knowledge justifies this choice; but there is no evidence that the builders of that time have had 
this knowledge and practice. 

Measurements were carried out to find out whether the current church has particularly difficult 
acoustics. However, the pots of the 17th century vaulting were not cleaned prior to the measurements, 
and the curtain does not hang any longer. Measurements reveal a rather low TR (2 to 3 sec.) for a 
church of this size. The wooden vaulting of the nave certainly plays an important role in absorption, 
but no evidence supports it. Secondly, TRs vary significantly with source and receiver positions, 
indicating that the church consists of a series of coupled volumes (nave, choir, transept). Most 
significantly, the transept crossing with its lowered vaulting due to the 17th century’s modification by 
the nuns presents a lower TR. But no definite effect of the pots was observed in the 125Hz band. 
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Abstract
The French ECHO project studies the use of voice in the recent history of theater. It is a multi-disciplinary
project which combines the efforts of historians, theater scientists, and acousticians. In the scope of this project
an audio-visual simulation was created which combines auralizations with visualizations of former Théâtre de
l’Athénée configurations issue from a series of renovations, enabling researchers to realistically perceive theater
performances in foregone rooms. Simulations include the room, 2 actors on stage, and an audience. To achieve
these simulation, architectural plans were studied from archives providing various details of the different theater
configurations, from which the corresponding visual and room acoustic geometrical acoustics (GA) models were
created. The resulting simulations allow for 360° audio-visual presentations at various positions in the theater
using commercial standard hardware.
Keywords: Archeoacoustics, Archaeological Acoustics Auralization, Virtual Reality

1 INTRODUCTION
The ECHO project studies the use of voice in the recent history of theater. This multi-disciplinary project
combines the efforts of theater scientists, historians, and acousticians. In order to enable theater scientists and
historians to study the use of voice in historic theater conditions an audio-visual framework which enables
virtual reality visits to historic configurations of the Théâtre de l’Athénée-Louis-Jouvet1 was created.
For this purpose, first the architectural history of the theater was studied (see Sec. 2). Based on these studies
three Geometrical Acoustic (GA) models were created corresponding to different epochs of this theater (see
Sec. 3). These various models were used to compare the acoustic conditions across renovations. As studies
have shown that visuals influence the room acoustical experience, the auralizations of the GA models were
combined with visuals employing an audio-visual framework (see Sec. 4).

2 ARCHITECTURAL HISTORY OF THE THÉÂTRE DE L’ATHÉNÉE
On 7-Jan-1883 the Éden-Théâtre was inaugurated in Paris. The 4000-seat theater suffered from continual finan-
cial difficulties and was therefore closed in 1894 and demolished in May 1895. In 1893 a foyer of the Éden-
Théâtre was converted into a much smaller theater called the Comédie-Parisienne which was inaugurated on
the 31-Dec-1894. The architect was Stanislas Loison, with further modifications carried out under the architect
Paul Fouquiau’s guidance in 1894. This newly created four-floor theater seated approximately 600 attendants.
It was closed again on 9-May-1895, after two bankruptcies. In 1896, the Athénée Comique took possession
of this room which was renamed the “Comédie Parisienne” on 28-Dec-1898, and then on 25-Oct-1899 as the
“Athénée” [9]. When Louis Jouvet became director of the theater in 1934, the room changed its name for the
last time: the Théâtre de l’Athénée-Louis-Jouvet.
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(a) 1st , 2nd , 3th, and 4th floor of the Théâtre de l’Athénée in the original configuration.

(b) 1st , 2nd , 3th, and 4th floor of the Théâtre de l’Athénée in the pre-1995 configuration.

(c) 1st , 2nd , 3th, and 4th floor of the Théâtre de l’Athénée in the current configuration.

Figure 1. Floor plans of the Théâtre de l’Athénée at different periods.

2.1 Original configuration
In the original configuration (see Fig. 1(a)) there was an orchestra pit meant for ≈ 25 musicians. Walls were
covered with light velour and seating was lightly upholstered. During the first years of the Théâtre de l’Athénée,
there was no amplification. With the appointment of Louis Jouvet in 1937 the theater underwent its first physical
alterations [7]. Under his guidance, the stage was rebuilt, the old electrical fixtures rewired, and the electrical

*brian.katz@sorbonne-universite.fr
1For brevity called Théâtre de l’Athénée here.
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power increased to support stage lighting. Furthermore, Louis Jouvet decided to install more luxurious chairs.
Finally the Théâtre de l’Athénée was brought completely up to date with a loudspeaker intercommunication
system.
A second larger renovation was carried out at a yet undetermined time. Pictures and plans show that it was
carried out between 1962 and 1985 (see Fig. 1(b)). The stage edge was straightened and the orchestra pit was
removed. On the first floor the loges were replaced by folding seats and the orchestra pit by regular seating.
The loges at the second and third floor were moved back, accommodating regular seating. The fourth floor
back wall seating was replaced by a glass-framed technical room for sound and light direction.
The Théâtre de l’Athénée underwent its third renovation between 1995-1998 (see Fig. 1(c)). An orchestra pit
was re-installed in front of the stage: larger than its predecessor, it could now be covered by extra rows of seats
when no orchestra was needed. Furthermore, the loges on the first floor were reinstalled and lightly upholstered
chairs were brought back. The other floors of the theater remained as they were.

3 CREATION AND CALIBRATION OF THE GA MODELS
To create GA models for the various architectural and acoustic configurations of the theater, a base model was
created and calibrated from room-acoustic measurements performed at the theater in its present state. For details
of this procedure, see [13]. GA models of the former configurations were derived from this model, adapting its
geometry and materials to match the observations reported in Sec. 2

3.1 Creation
The geometry of the Théâtre de l’Athénée’s current configuration was determined from architectural plans (see
Fig. 1(c)) and sections (minimum modeled dimension = 0.34 m). Figs. 2(c) and 2(d) compare the interior of the
room to the geometrical model. The stage opening of this 4-floor theater is ≈ 7.7 m, stage depth ≈ 7.8 m, and
height over the stage ≈ 13.8 m. The audience area is ‘horse shoe’ shaped with a maximum width of ≈ 11.0m,
length ≈ 14.3 m, and height ≈ 13.6 m. Box seats are present on the side and back walls on the first, second,
and third floor.
For the original configuration, an orchestra pit was modeled in front of the stage, the loges on the second and
third floor were modeled according to Fig. 1(a). For the pre-1995-1998 configurations the loges along the side
and back wall of the first floor were replaced by seating and the stage was straightened.
The modular design of the GA model ensured coherence of the unmodified elements between configuration (see
Figs. 2(a), 2(b), and 2(c)).
Surface materials were determined from visual inspection. The Théâtre de l’Athénée has a wooden stage floor
and concrete side and back stage walls. The audience area has a wooden floor, light velour walls, plastered
balcony fronts, and plastered ceiling with a large chandelier. Upholstered chairs are positioned throughout the
room. Few changes were observed in material usage throughout the history of the Théâtre de l’Athénée. The
pre-1995-1998 renovation contained heavier upholstered chairs, modeled as medium upholstered [2].
The frequency-dependent scattering coefficient (scattcoe f ) was estimated as a function of a given characteristic
depth (chardepth) representative of the surface’s depth variations or roughness. The estimation algorithm (see
Eq. 1, [4]) is available in CATT-Acoustic via the estimate function, though specific values can also be directly
assigned as a function of frequency.

scattcoe f ( f )

∣∣∣∣∣
≤0.99

≥0.10

= 0.5

√
chardepth

λ
(1)

where λ is the wavelength. This method of defining scattcoe f was selected as it provided a more intuitive and
physically relevant control parameter and reduces the possibility of creating unrealistic frequency variations in
scattering properties for general materials. Employing this formula results in an increasing scattering with higher
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(a) Original configuration (b) Pre 1995-1998 renovation configuration

(c) Current configuration (d) Photo of the current configuration

Figure 2. (a), (b), and (c): Geometrical model of the Théâtre de l’Athénée. Volume ≈ 2500 m3, ≈ 1300 planes.
(d) Photo depicting the audience area as seen from the stage (22-Jul-2014).

Table 1. Average T20, EDT, C50, and C80 of the measurement in the Théâtre de l’Athénée for various fre-
quency bands (in Hz).

125 250 500 1000 2000 4000

T 20 2.06 1.74 1.53 1.31 1.17 1.03
EDT 1.91 1.81 1.56 1.30 1.20 0.98
C50 1.71 1.04 1.08 1.63 1.93 2.57
C80 2.32 1.73 2.40 3.45 3.28 4.99

frequency, as is typically found in scattering measurements.

3.2 Measurement
A room-acoustic measurement was performed in order to serve as a reference for the calibration. A summary of
the calibration reference values are provided in Tab. 1. Full details of the calibration measurements are provided
in [15].

3.3 Calibration
Details of the applied calibration procedure can be found in [13]. The procedure consists in adapting the
acoustic surface parameters to minimize the mean error on simulated acoustic parameter estimation (EDT, T20,
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(a) T30 original configuration (b) T30 pre-1995-1998 configuration (c) T30 current configuration

(d) C80 original configuration (e) C80 pre-1995-1998 configuration (f) C80 current configuration

Figure 3. Reverberation time T30 and Clarity C80 simulation results for 1 kHz-octave band. 500000 rays used,
ray truncation time 3000 ms.

C50, and C80) compared to those extracted from RIR measurements across source-receiver pairs. Subsequently,
a perceptual validation was performed using binaural auralization, ensuring that participants could not distinguish
auralizations using the measured RIRs from those using the simulated ones (ratings based on eight perceptual
parameters, see [15]).

3.4 Occupied theater
To simulate the acoustics of the theater during actual performances, curtains were added to the back and side
walls of the stage in the GA model. In addition to changing the audience absorption between conditions to take
into account the change in seating design, values were also adjusted to occupied absorption seating characteris-
tics. Resulting simulated T20 values of the current configuration model closely resembled measured reverbera-
tion times in occupied conditions [11].

3.5 Comparative acoustic study
With these calibrated models it is possible to study the influence of the renovations on the acoustical conditions.
Fig. 3 presents a mapping of T30 and C80 values in the 1 kHz-octave band for the 3 configurations. The
quantified results show that the reverberation time has not changed over time while clarity has improved for
positions at the far end of the audience area.

4 AUDIO VISUAL RENDERINGS
Multiple studies have shown the influence of visuals on the room acoustic experience in terms of distance [18,
3, 16, 17], loudness [1, 16], ASW [8], and room size perception [8]. Therefore, attention is subsequently
focused on an associated visual model.
A framework was created to compliment the simulated auralizations with visual renderings of the theater, its
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(a) Original configuration (b) Pre 1995-1998 configuration

Figure 4. Visual models of past Théâtre de l’Athénée configurations

(a) (b) (c)

Figure 5. 3-walled CAVE with period theater seating (a) without and (b) with projection of the visual virtual
theater rendering. (c) HMD conditions.

actors, and an audience. A 3ds Max2 visual model was provided by the Théâtre de l’Athénée. This model was
imported into Blender and adjusted to match the various configurations of the theater discussed in Sec. 2, as
illustrated in Fig. 4. While not accurate to every detail, the model does reflect the general visual nature of the
theater. The resulting models served as scenery for a Blender Game Engine scene implementation, relying on
the OSC protocol for real-time update of both listener position and orientation in a Max/MSP3 client handling
the 2nd order Ambisonics auralizations.
This general augmented auralization framework has been presented in detail in [10]. It has been employed for
various perceptual tests [16, 12, 17], and allowed for multiple audio and visual presentations. The visuals can
be rendered on either a 3 screen video-wall setup, an Oculus Rift DK2 Head Mounted Display (HMD), or a
high definition virtual cave [17] (see Fig. 5). The audio can be presented using either headphones (binaural) or
a speaker array (Ambisonic).
In order to create a realistic sound source in terms of visuals and acoustics, a 5 min extract of the play
“Ubu Roi”, by Alfred Jarry, was performed by two actors and recorded in the Théâtre de la Reine Blanche,
using two headset microphones and a Kinect 2 sensor. Voice directivity was incorporated according to [14,
12]. As the direct-to-reverberant ratio is high for close mic recordings, these were employed as approaching
anechoic recordings. These close-miked voice recordings were convolved with simulated 2nd order Ambisonic
RIRs from the GA models. Voice directivity variations were controlled via gain modulation on the components

2https://www.autodesk.com/products/3ds-max/overview
3https://cycling74.com
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(a) (b)

Figure 6. Snapshot of actors performing “Ubu Roi” in the virtual Théâtre de l’Athénée for different listening
positions, including audience avatars.

of a 12-beam directivity sphere. Source rotation, applied to the gain modulations via a spherical harmonic
interpolation, employed the currently speaking actors’ head orientation based on tracking information extracted
from the Kinect 2 video. The sum of the 12-beam×2nd order Ambisonic convolutions, properly weighted and
rotated, resulted in a single Ambisonic stream. The video stream of the Kinect 2 sensor was processed by a
script based on the libfreenect2 library4, recording both RGB and Depth videos. Both videos were combined
during real-time rendering in BlenderVR [5] to produce a 512×424 pixel point-cloud of the actors.
A set of fixed position 360◦ videos was generated off-line from the same material to support a study on the
influence of the listening position on perceived acoustics in immersive renderings. To provide a listening ex-
perience more comparable to attending a performance, rather than a rehearsal, animated simplified spectator
avatars were added to the visual scene, coupled with audience noise. The audience noise was a collection
of randomly played studio recordings made of typical audience activity: moving, rustling, coughing, scratch-
ing, mumbling, etc. These dry sounds were convolved with calculated RIRs for source positions distributed
throughout the audience areas, further improving the verisimilitude of the overall rendering. The resulting
Ambisonic streams were combined with the actors streams and the visual rendering to create 360°-HOA ex-
amples. The spectator avatars where animated using the Blender CrowdMaster5 add-on, assigning different
animation sequences to each armatured mesh from a set matching the selected audience noises (scratching,
moving, coughing, etc.). The final scene is illustrated in Fig. 6, the 360◦ videos are available online at
www.lam.jussieu.fr/Projets/CloudTheatre.html.

5 Conclusion
In order to enable audio-visual perceptual studies in historic theaters, a virtual reality framework was created
which enables visits to former configurations of the Théâtre de l’Athénée. Both realistic room-acoustic and
visual models were created and calibrated to match the considered configurations of the theater. These were
combined using a virtual reality platform relying mainly on BlenderVR for the visual rendering and Max/MSP
for the auralization. Subsequent studies in the field of experimental virtual archaeological acoustics will extend
this framework to interactive real-time audio processing and an up to date game engine [6].

4https://github.com/OpenKinect/libfreenect2.
5http://crowdmaster.org/
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Abstract
The largest gatherings in human history prior to the advent of electronic amplification were all effectively limited
by the loudness and intelligibility of the human voice. Various accounts throughout history depict single orators
addressing crowds or armies of many tens of thousands, though some historians have cast doubts onto the
veracity of these claims. Prior acoustic simulation has shown that reasonable intelligibility might be achieved
for over 20,000 listeners for very loud orators and very quiet crowds with high density. Nearly all such accounts,
however, depict a man addressing the crowd, with one notable exception: in 1588 Elizabeth I of England
addressed a large army of between 5,000-23,000 troops gathered to repel the impending invasion by the Spanish
Armada. The acoustic plausibility of this account is tested via STI simulations, focusing primarily on the density,
noise, and environmental conditions at the time of the speech, as well as the frequency-dependent differences
between female and male orators’ vocal spectra and a sound radiation patterns.
Keywords: Acoustics, Intelligibility, Elizabeth I, Spanish Armada, Oratory

1 INTRODUCTION
Before the advent of electronic amplification, the largest gatherings in history were effectively limited by the
maximum intelligible range of a single human voice. Many accounts throughout history depict a single com-
mander addressing their troops, and modern plays and films often show an army drawn up for battle receiving
inspiration from a charismatic general with a voice loud enough to reach every soldier.
Until the 1990s, modern historiography largely accepted these accounts throughout history, primarily on account
of the many references by different ancient writers. However, in 1993 Mogens Herman Hansen questioned the
very existence of the general’s speech to the army, arguing that the inclusion in ancient histories was largely
rhetorical, meant to advance the argument of the speech attributed to the general [20]. The next year W.
Kendrick Pritchett responded with the traditionalist position, showing many other accounts throughout ancient
and modern history, including many where speeches were reported though no words were recorded [31]. In-
terestingly, both the skeptic (Hansen) and the traditionalist (Pritchett) both made allusions to acoustics in their
essays, although neither made any detailed quantitative or perceptual argument.
Acoustical analysis, however, was attempted centuries earlier by Benjamin Franklin as he attempted to verify
the very large crowd sizes reported in England listening to the Reverend George Whitefield in 1739. Franklin
used Whitefield’s on-axis intelligible distance to estimate the area of a semicircle and the number of listeners
that could fit inside this space [17]. Analysis [8] and computer simulation [6] of Franklin’s experiment show
that Whitefield must have had a very loud voice, with an on-axis A-weighted time-averaged SPL of around
90 dB; this is similar to the largest dB values recorded for trained vocalists in laboratory conditions in the
existing literature [9]. This in turn is roughly 12-16 dB over the relevant standards for loud speech in the
general population [1]. Previous simulations have predicted that Whitefield (assuming overall vocal level of
about 90 dBA) could be heard intelligibly by over 20,000 listeners even assuming moderate noise and density
conditions [6].
However, for different historical situations the maximum crowd size may vary drastically due to other factors.
Computer simulations of Julius Caesar’s post-battle speech after his loss at Dyrrachium have shown that the
historical account is acoustically plausible even under pessimistic conditions. But for Caesar’s pre-battle speech
at Pharsalus, due to the noise of soldiers on the march and the low density of his army in formation, even
under optimistic noise conditions it does not seem acoustically plausible that Caesar could have addressed his
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entire army as described [7].
Other such famous speeches throughout history are much treasured by their respective cultural descendants
though often called into question by historians. Because nearly all participants in ancient warfare were men, so
too nearly all speeches to large audiences are recorded with male generals or kings addressing the troops. One
significant outlier to this pattern is England’s Queen Elizabeth I (1533-1603, r. 1558-1603) who gave many
public speeches after gaining the crown. The largest crowd attributed to Elizabeth (and perhaps the largest
crowd addressed by a woman in pre-amplified history) was the army she had gathered at Tilbury to prepare for
the invasion by the Spanish Armada in 1588.
This paper will first give some background on Elizabeth’s rhetorical training and physical stature, as well as
the historical estimates for the size of her army at the time she visited Tilbury. Next, the speech’s intelligible
range is investigated via geometrical acoustic simulation. Finally, some conclusions are drawn about Elizabeth’s
maximum intelligible crowd size as well as the effects of the female spectrum when addressing large outdoor
crowds.

2 BACKGROUND
2.1 Education and Experience
The daughter of Henry VIII and Anne Boleyn, Elizabeth’s mother was charged with treason and beheaded in
1536 when the child was only three years of age. The marriage was annulled, making Elizabeth an illegitimate
heir of the king. However, Henry did ensure that his daughter would receive the education of “a Renaissance
Prince” [35]. Her main tutor, the Cambridge scholar Roger Ascham, claimed that “no six of the best gentle-
men of this court” could equal his student in diligence or learning [33]. The humanist education she received
privileged the classical Greek and Roman models of language and rhetoric, and Elizabeth learned to read and
converse in six languages besides English [35]. In particular Elizabeth studied the oratory of both Demos-
thenes [33] and Cicero [4], perhaps with some forethought given to her possible future on the throne, given
that her father restored her to the line of succession before his death in 1546 [35]. As Mary Thomas Crane put
it, “Elizabeth was trained, as other women were not, in the use of rhetoric to assert authority.” [12]
Indeed, Elizabeth frequently used her reputation for scholarly and rhetorical excellence to justify the then-
controversial idea of an unmarried female monarch in England [33]. Before her coronation, Elizabeth gave
a speech to a large outdoor crowd in London in 1559, and later gave pre-written speeches to Parliament estab-
lishing her own authority to choose when and whether to marry [4]. In addition, she gave addresses in Latin
in 1564 at Cambridge University to a crowd estimated at 1,800, and another in 1566 at Oxford University, to
a crowd estimated at 1,700 [32]. But her most famous speech, for various reasons, is undoubtably her Tilbury
address of August 19th (August 9th Old Style), 1588, to her army awaiting the invasion of the Spanish Armada.
Given her exceptional rhetorical training and experience in public speaking, Elizabeth’s effective vocal level
(including benefits from superior elocution, which are not included directly in an STI simulation but will affect
intelligibility and so can be included by increasing the vocal SPL instead) was probably higher than for the
average speaker. However, the second variable correlated with very high vocal levels is youth [24], and since
Elizabeth was in her mid-fifties at the time of the Tilbury speech, she probably could not attain the exceptionally
high vocal levels (around 90 dBA) associated with the loudest human speech [9]. Because of this, Elizabeth’s
overall vocal level at 1 m is assumed here to be 80 dBA, applying the IEC standard female spectrum [2].

2.2 Occasion and Audience
The fortress at Tilbury, first built under Henry VIII, was located at the mouth of the Thames River and provided
a defense against an invading force headed for London. As it became clear that the Spanish intended to invade,
Elizabeth charged the Earl of Leicester with heading the Royal Camp at Tilbury and ordered her troops to
gather there to prepare for an attack on London. By the time Elizabeth decided to visit her troops at Tilbury
on August 18, the English fleet had already defeated the Armada at sea. On land the extent of the damage to
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the Armada was still largely unknown, and an invasion by the Spanish army, led by the Duke of Parma, was
still expected [28].
At Leicester’s invitation, Elizabeth and her guard took barges from London to Tilbury and inspected the troops
on August 18th, carrying a truncheon but wearing no helmet. She stayed nearby that evening, and returned to
the camp the next day, where she gave her famous speech:

I know I have the body of a weak and feeble woman, but I have the heart and stomach of a king,
and of a king of England too, and think it foul scorn that Parma or Spain, or any prince of Europe,
should dare invade the borders of my realm; to which, rather than any dishonour shall grow by me,
I myself will take up arms, I myself will be your general, judge, and rewarder of every one of your
virtues. [35]

Due to the haphazard nature of the English response to the Armada, precise numbers are lacking for the English
forces. Elizabeth planned to assemble over 100,000 men to repel the invasion [10], and early Elizabethan
chronicler William Camden reported the forces at Tilbury at 23,000 [28].
Some historians have expressed skepticism toward this value: Parker [30] gives the lowest estimate of only
5,000 based on pay records for the Kentish forces, while Frye [18] guesses 8,000 based on Leicester’s personal
correspondence. However, even these low estimates need to add Elizabeth’s own guards and retinue, which
filled several barges and must have numbered at least in the hundreds [10]. Hutchinson [22] puts the number at
16,000 infantry and 2,000 horsemen, while Christy [10], relying on the chronicle of Elizabeth’s Privy Council,
puts the number at 18,000 footmen and 2,000 horsemen, plus additional troops south of the river at Gravesend.
Mattingly [28] argues for a value in between the high and low estimates, without giving a specific guess.
As important as the size of the army is the layout and density of the troops hearing the speech. Previous
work has shown that the largest intelligible area is present for informal speeches where the crowd encloses the
speaker densely on all sides [6, 7]. Though we do not have perfect documentary evidence for the layout of
Elizabeth’s army, the descriptions of the event suggest a more formal affair. It is true that the occasion of the
Queen’s visit provoked ecstatic and even worshipful bows from her troops when she arrived on the 18th, which
had to be stopped at the Queen’s request [22]. However, the primary source descriptions of the event focus on
her inspecting the army in formation, riding around the entire army on horseback with the rest of the mounted
cavalry [10]. Thomas Deloney’s 1588 account describes the atmosphere before her speech as follows (emphasis
added):

The valiant Captaines of the field,
meane space them selues in order set:
And each of them with speare and shéelde,
to ioyne in battaile did not let.
...
Such a battaile pitcht in England,
many a day hath not béene séene:
Thus they stood in order waiting,
for the presence of our Quéene.
At length her grace most royally,
receiued was and brought againe:
Where she might sé most loyally,
this noble hoast and warlike traine.
How they cam martching all together,

like a wood in winters weather.
With the strokes of drummers sounding,
and with trampling horses than:
The earth and aire did sound like thunder,
to the eares of euerie man.
The warlike Armie then stood still,
and drummers left their dubbing sound:
Because it was our Princes will,
to ride about the Armie round.
Her Ladies she did leaue behind her,
and her Guarde which still did minde her.
...
And then bespake our noble Queene. [15]

2.3 Setting
Though earlier historians had located the camp farther to the west at Purfleet, Christy’s survey of the land,
primary sources, and local tradition led him to the now-accepted conclusion that the camp was located on the
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hill at what is today the village of West Tilbury [10]. This hill is more like a plateau, with a large flat plain
to the north on which the army was encamped, with a steep drop-off to the south allowing a good view of the
marshlands and the river. The queen and her guard rode up the hill to meet the army, and the speech was given
on the plateau, so the overall geometry of the speech site was completely flat.
Hutchinson [22] estimates the size of the tented encampment at 5 acres (about 20,000 m2), but the plateau itself
is much larger, containing over 2 square kilometers of flat ground to the north of the steep hills at the southern
edge of the camp. The army seems to have had plenty of open space for the proceedings once Elizabeth
arrived, as the entire force paraded past her and staged a mock engagement for her viewing. This suggests that
the entire force was gathered together in one open area of the plateau, except perhaps the forces stationed at
Gravesend south of the river.
Most historians have accepted Elizabeth’s Tilbury address as authentic. The overall speech as recorded by Lionel
Sharpe, one of Leicester’s chaplains, is brief, about 250 words overall and has many rhetorical similarities to
others of Elizabeth’s published speeches [19]. One version of Sharpe’s written account is subtitled “Gathered
by on who heard it, and was commanded to utter it to the whole army the next day,” [19], leading some to
question how many soldiers could have heard Elizabeth’s oration [35, 29].

2.4 Environment
Since any acoustical simulation must also account for the environmental background to properly simulate air
absorption. Unfortunately, the well-known HadCET database of surface temperatures in Central England does
not have data prior to 1659 [26]. Previous climate work has analyzed the famous “Protestant Wind” that stymied
the Spanish fleet, including the relevant high and low pressure systems, but this did not include estimates of
temperatures [16]. Period accounts suggest that the year 1588 was unusually rainy [3], although none of the
accounts of Elizabeth’s speech at Tilbury mention rain. Because of the "Little Ice Age” that was present in
Europe during this period, the temperature might be expected to be slightly lower than modern averages, but
since the accounts do not describe the weather as particularly hot or cold, it did not likely stray from normal
values for early August. As a result, a value of 16.0◦ C, similar to long-term averages for Tilbury during
August in recent years, was adopted for the acoustic models described.
Similarly, no historical data for percent humidity is available for the site of the speech, so an average value of
65% was adopted based on averages from recent years. Since August is a relatively humid time of the year,
even the large uncertainty around this value may be of negligible significance in the final simulation, as sound
absorption from air peaks below 20% humidity and is relatively small for all values above 50% humidity [21].
The final important acoustical question is the level of background noise in the army. Elizabeth’s visit seems
to have encouraged frequent outcries among the soldiers, as well as drums that were used while she paraded
around the forces and significant noise from horses’ hooves on the march [15] However, Deloney’s account
seems to emphasize the contrast of this noisy scene with the troops’ awe and respect for their monarch when
at last she spoke. At this point the cavalry was still and the drums were silenced, which may have given an
implicit signal to the infantry in formation to be silent as well. While no doubt some foot soldier or horse may
have made some small noise, overall the army seems to have been fairly quiet during the speech itself. As
such, the army here is modeled with background noise values from 45 dBA (very quiet) to 50 dBA (quiet).

3 SIMULATION
3.1 CATT Model
Based on the historical data described above, Elizabeth’s speech at Tilbury was simulated in CATT Acoustic
v9.1 [14, 13], a popular cone-tracing acoustic simulation engine. The infantry was modeled as a flat square
audience plane measuring 130x130m with a height of 1.5 m, corresponding to the largest estimation of about
20,000 troops at a density of 1.17 persons per m2. In front of this was a 130x4 m empty grass space, cor-
responding to an assumed distance of 4 m between the infantry and cavalry. The cavalry was modeled as a
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130x30 m plane with a height of 2.5 m (Figure 1). Elizabeth was modeled as a point source with human voice
directivity in the center of the grass area and height 2.5 m, facing the infantry. Again, the exact height of Eliz-
abeth’s horse is not known, but previous analysis has shown that small changes in height do not significantly
affect intelligible area, once a direct line of sight is established to every part of the crowd [5]. Elizabeth’s voice
was modeled with a standard IEC female spectrum with overall sound pressure of 80 dBA [2].
Absorption coefficients for the army and grass area are given in Table 1. Due to the nature of Sabine absorption
coefficients, some high-frequency values were initially measured as greater than 1 but were truncated to 99%
absorptive as that is the highest absorption value CATT allows [13]. Scattering coefficients were estimated using
CATT’s Lambert estimation function for an average surface roughness of 0.1 m for the army and 0.03 m for
the grass.

Table 1. Absorption coefficients by octave band center frequency (Hz) for soldiers and grass in Tilbury model.

Surface 125 250 500 1000 2000 4000

Audience (1.17 persons per m2) [27] 0.20 0.35 0.70 0.99 0.99 0.99
1.2” Dry Grass [25] 0.40 0.51 0.63 0.74 0.90 0.95

The army’s background noise was modeled for a “very quiet” and “quiet” condition, corresponding to 45 dBA
and 50 dBA respectively. The noise levels by octave band are given in Table 2.

Table 2. Background noise levels by octave band for different noise conditions modeled.

Surface 125 250 500 1000 2000 4000

45 dBA (very quiet) 55 48 41 36 33 31
50 dBA (quiet) 60 53 46 41 38 36

STI was simulated for the scene under both background noise conditions using the IEC STI (female) proto-
col [2]. The STI maps, with 2x2 m grid spacing, for both models are shown in Figure 1. It can be seen that
the STI rating drops significantly over the 5 dB increase in noise conditions.

(a) 45 dBA background noise (b) 50 dBA background noise

Figure 1. STI (0-1) at Tilbury Based on Crowd Background Noise
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3.2 Crowd Estimation
To estimate the size of the crowd that could have heard Elizabeth, the STI maps for both the infantry and
cavalry were exported as text files representing a series of 2x2 m squares. These were read into a script in
Matlab that summed the area for each group that was greater than a minimum STI threshold. In this study,
as with previous work [6, 7], a threshold value of 0.3 for the STI was used, as this is usually seen as the
value below which STI is “Bad” and also because perceptual phoneme-group scores drop significantly below
this level [34].
The infantry’s density was assumed to be 1.17 persons per m2, similar to that of other infantries in forma-
tion [23]. The cavalry was assumed to have a much lower density of 0.5 persons per m2, though the exact size
of horses in Elizabeth’s cavalry is not known to the author. Based on this data, estimations of the number of
infantry and cavalry members who could have heard the speech were summed and shown in Table 3.

Table 3. Intelligible Crowd Sizes at Tilbury for Different Noise Conditions.

Noise Level Infantry Cavalry Total

45 dBA 588 4975 5563
50 dBA 172 1732 1904

4 CONCLUSIONS
Based on the simulations shown here, it does not seem plausible for Elizabeth to have spoken intelligibly
to an army of 20,000 at once, even assuming relatively optimistic conditions for the density of an army in
formation, the distance between the infantry and cavalry, and the background noise of the assembly. While
there is not sufficient historical evidence to prove the army did not crowd together into a denser configuration,
all the subjective descriptions of the event seem to argue against it and for a more standard, spaced-out infantry
formation. This computer model predicts that Elizabeth might have been able to be heard by 5,000 to 6,000
troops when they were extremely silent, which is in keeping with the smallest estimates for her force at Tilbury.
If however, the larger force estimates are correct, it seems likely that a large portion (perhaps the majority) of
her troops could not have made out the words of her speech, which supports the hypothesis that Sharpe wrote
it down to deliver to the “whole army” the next day because many of them could not hear it the first time.
In the view of many of her royal councilors, Elizabeth was a woman in a man’s job, a job that included
speeches to armies and parliaments. She often made reference to this fact and did so in the text of the Tilbury
speech, claiming that she had “body of a weak and feeble woman, but ... the heart and stomach of a king.” [35].
In this case however, having the vocal tract of a woman may have helped her: although there is not signifi-
cant difference in vocal radiation patterns between men and women [11], women’s smaller vocal tracts tend to
increase the resonance at the higher frequency bands which are most important for speech intelligibility and
are thus weighted most in the STI calculation [34]. While these frequencies are also more prone to air ab-
sorption, this effect is still relatively small over the distances in question. Because of this, in laboratory tests,
trained women vocalists can often produce the greatest A-weighted speech levels even when male vocalists (who
have larger vocal tracts and can produce greater subglottal pressure) produced greater flat-spectrum (Z-weighted)
SPLs [9].
This suggests that, given equal oratorical training and opportunity, women would have been a better conduit for
speeches to large audiences than men in terms of intelligible range. Unfortunately, in the historical record such
occasions are hard to find: the author has searched extensively for large addresses by other female leaders like
Joan of Arc or Cleopatra, but so far has not found evidence of anything on the scale of the Tilbury oration (tips
from interested historians are always welcomed, of course). In this sense the Tilbury speech must be seen as
one of those rarest occurrences in history: thousands and thousands of men – all intently listening to a woman.
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ABSTRACT 
In October 2018 the new Environmental Noise Guidelines for the European Region were published by the 
World Health Organization (WHO), providing strong evidence that noise is one of the top environmental 
hazards to both physical and mental health and well-being in Europe. However, recreational noise has not yet 
been investigated in detail. After a preface about the more recent outcomes on recreational noise provided by 
EU Guidelines and projects, the current article presents the requirements for noise levels in recreational areas 
of various categories (parks, specially protected areas, reserves, etc.) in Russia, Europe and Asia. Moreover, 
it describes the main existing legal and regulatory acts in the countries, the history of their development and 
restrictions on their use. Furthermore, the article shows a comparative analysis with the allocation of 
advantages and disadvantages of each system. Finally, suggestions have been made to improve the system for 
regulating noise levels in recreational areas. 
 
Keywords: Noise, Regulation, Recreation, Legislation, Improvement 

1. INTRODUCTION  
Noise pollution adversely affects the lives of millions of people with serious consequences on their 

health (1). The more relevant sources of noise pollution, and consequently those which have been 
mainly investigated, are related to traffic and industrial activities although the prevalence of 
occupational noise has decreased since the early 1980s. However, in the last 50 years the prevalence of 
social noise has tripled (2) and cities have been affected by a particular type of noise pollution 
stemming from recreational activities generally located in the city centers, the so-called nightlife, 
which is the heart of the night-time economy, seen by the local authorities as a means of revitalizing 
urban areas (3). It is a very complex phenomenon carrying relevant potentials in terms of social and 
economic benefits, but also problems related to the impact of alcohol on crime and disorders, coupled 
with public nuisance caused by recreational noise pollution. In spite of its relevance, the phenomenon 
has been poorly investigated so far: recreational noise is not even mentioned in the EEA Report, Noise 
in Europe 2014, while it is firstly mentioned in the new WHO Environmental Noise Guidelines for the 
European Region (3). According to a recent online survey of residents of France, Sweden, China and 
the UK, 8% of respondents believe that hearing loss is a problem of extreme importance. According to 
the report of Tianjin Occupational Disease Prevention Hospital, about 80% of young people were 
suspended from work due to diseases of the hearing organs. The existence of this problem is 
presumably associated with frequent visits to noisy places, such as discos, Internet cafes, as well as the 
use of headphones (4). Events with high noise levels, such as festivals, salutes and fireworks, music 
festivals where electroacoustic equipment is used uncontrollably can also be marked out.  According to 
the World Health Organization, more than 466 million people worldwide have a hearing loss disability, 
and by 2050 one in ten people will suffer from hearing impairment and more than 900 million people 
will not be able to communicate without hearing aids or other assistance. In addition to hearing loss, it 
is essential to recall that noise increases the development of cardiovascular diseases, which is also 
confirmed by recent experimental studies (5). As a result, such dangerous diseases as vascular 
dysfunction, including cerebral vessels, high blood pressure and atherosclerosis can develop.  
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2. REGULATORY SYSTEMS FOR RECREATIONAL NOISE 
Regarding regulatory systems for recreational noise, a useful reference is the review made by the 

WHO in (6). A number of legislative measures relating to environmental noise and occupational  
exposure are in place in many Countries although they vary in scope and sophistication.  However, 
fewer countries have legislative measures pertaining specifically to recreational noise  exposure. For 
instance, EU Countries of the European Union, China and New Zealand have legislation in  place to 
protect employees who work in the entertainment/recreational sector (bars, concerts, discotheques, 
nightclubs) from exposure to unsafe noise. Legislation addresses the criteria for acceptable noise 
levels, control and monitoring procedures to ensure that legislative requirements are met. From the 
available data and a review of English-language legislation made in (6), it is evident that most 
Countries of the world still have no legislation to control recreational noise exposure, either  for 
recreational venues or with respect to the maximum output levels of personal audio devices. 

There are a few examples of legislation that targets recreational noise exposures. In 2009,  the 
European Commission issued a directive that output levels of new audio devices should  be set to a 
standard of 85 dBA, allowing users to increase the volume to a maximum of 100 dBA. According to 
the directive, raising the volume to maximum level must prompt a  warning message stating that 
hearing loss can occur at this level. In April 2014, the Minneapolis City Council passed an ordinance 
making it compulsory for bars and clubs to offer free earplugs to patrons. Such a directive can have 
far-reaching impact, reducing the risk of noise exposure for those who frequent these entertainment  
venues. Legal interventions have proved effective for many sentinel public health achievements.  

Hence, it is important for legislation to address public health issues such as exposure  to noise, in 
order to bring about a sustained behavioral change.  

3. INDICATIONS FROM THE WORLD  
4.1. Europe 
In the recently published Noise Guidelines of WHO (7), differently from the previous versions, 

specific reference is made to leisure noise referring to “all noise sources that people are exposed to due 
to leisure activities, such as attending nightclubs, pubs, fitness classes, live sporting events, concerts 
or live music venues and listening to loud music through personal listening devices” both in terms of 
recommendations and implications for research. As recommendation, a value of 70 dB(A) is indicated 
as yearly average threshold from all combined leisure noise sources above which adverse health 
effects may occur. Beside the average noise levels, the noise Guidelines strongly suggest to 
policy-makers to intervene to prevent children and adults’ exposure above the guideline values also for 
single-event and impulse noise exposures. In fact, despite there is not enough evidence in terms of 
relationship between leisure noise and hearing loss/health outcomes, it is clear that the nature of the 
noise has not a strong influence in causing hearing loss quality.  Noise-induced hearing loss can be 
prevented by following safe listening practices. A reduction of leisure noise is also assumed to reduce 
nuisance that can be caused to other people than those who enjoy leisure activities, such as neighbors.  

Furthermore, specifically for Personal Listening Devices (PLDs), it can reasonably be expected 
that a reduction of noise exposure could also lead to a reduction in accidents, injuries and other 
potential safety risks. Considering values and preferences, the Guideline Development Group (GDG) 
recognized that listening to music with the help of a PLD, going to concerts and attending sport events 
are activities regarded as enjoyable and therefore assumed to be valued by the overall population.  

Furthermore, it is expected that values and preferences might vary in particular with respect to the 
use of PLDs and embracing leisure activities involving loud noise, like concerts, and that some 
population groups – especially younger individuals – might voluntarily expose themselves to high 
levels of sound during these activities. Despite this, the GDG was confident that recommendations to 
lower noise levels for the prevention of hearing damage from leisure noise would be welcome by a 
majority of the population. Recommendations are expected to be particularly welcome when it comes 
to protecting the hearing of young children and teenagers, as these vulnerable groups often do not have 
control over their environment and the noise levels to which they are exposed, such as from noisy toys 
or at school. 

In conclusion, resources needed to reduce exposure to leisure noise are not expected to be intensive, 
but implementation and long-term success of measures might be challenging, owing to cultural factors, 
as changes in behavior are expected to be tricky to implement. One of the main challenges is to conduct 
a long-term objective exposure assessment of environmental noise and relate this to the development 
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of permanent hearing impairment and tinnitus. The GDG underlined the strong need for research to 
develop a comprehensive methodology. In the absence of a method, and as long as no other tools are 
available, the equal energy principle outlined in the ISO standard for the estimation of noise -induced 
hearing loss (WHO, 1999) can be used as a practical tool for protecting public health from exposure to 
leisure noise.  

4.2. Russia 
The scale of acoustic pollution and its growth trends in the Russian Federation are alarming and 

require urgent action. At the same time the legal regulation is not completely in the relations in the 
sphere of environmental safety and creating acoustic comfort of living is not completely. Only some 
legislative acts address some issues of human protection from harmful noise exposure, mainly in the 
field of regulating labor relations within the framework of solving problems limited to the scope of a 
particular law. According to Table 3, line 12 of the SN 2.2.4/2.1.8.562-96 (8) sound and sound pressure 
levels should be sustained in the recreation areas in accordance with Table 1, regardless of the time of 
day. For example, sound and sound pressure levels in the rooms of cafes and restaurants are 
represented in line 6 of Table 3 SN 2.2.4/2.1.8.562-96 (8). 

Table 1. Noise standards in the recreation areas according to the SN 2.2.4/2.1.8.562-96 (8) 

Purpose of the premises or 
territories 

Sound pressure levels, dB, in octave bands with geometric mean 

frequencies [Hz] 

SL and 

eq. SL, 

dBA 

Max 

SL, 

dBA 31,5 63 125 250 500 1000 2000 4000 8000 

Recreation areas in 
residential neighborhoods 
and groups of houses, 
holiday centers, etc. 

83 67 57 49 44 40 37 35 33 45 60 

Rooms of cafes and 
restaurants 90 75 66 59 54 50 47 45 44 55 70 

 
Unfortunately, in the Russia Federation noise standards for national parks, protected areas are 

currently unavailable.  
Requirements for protection of the areas of special protection (further –ASP) are imposed in the 

Federal law of 14.03.1995 No. 33-FZ ‘On specially protected natural areas’ (9), but do not contain the 
norms for sound levels. Thus, when designing highways, railways and other facilities affecting or 
crossing ASP, the issue of ensuring acoustic safety of animals and birds remains open. The Russian 
Federation has a number of federal laws aimed at environmental protection. In this connection, the 
Federal law of 10.01.2002 No. 7-FZ ‘On environmental protection’ (10) similarly with the 
Constitution (11) establishes the right of the citizen for favorable environment and living conditions. 
The environmental quality standards compulsorily include the standards established for physical 
parameters. According to this law, the government authorities of the Russian Federation are obliged to 
take the necessary measures to prevent and eliminate the adverse noise exposure on the environment in 
urban and rural settlements, recreation areas, habitats of wild animals and birds. Regulation of these 
relations is provided by the Federal law of 30.03.1999 No. 52-FZ ‘On sanitary and epidemiological 
welfare of the population’ (12), by establishing sanitary restrictions to indicators of the factors 
affecting people and legal provisions to ensure them. There is currently no Federal law on the noise in 
the Russian Federation, there are only a few regional ones, in particular the law of the Moscow reg ion 
No. 16/2014-OZ of March 7, 2014 ‘On ensuring quietness and rest of citizens in the Moscow region’ 
(13), the Law of St.Petersburg ‘On administrative offenses in St.Petersburg’, article 8 ‘Violation of 
quietness and rest of citizens at night, at weekends and on holidays’ (14), the law of the city of Moscow 
No. 42 of July 12, 2002 ‘On observance of rest of citizens and quietness in the city of Moscow’ (15). 
However, the system of collection of fine recovery for administrative infringement of rest of citizens 
and quietness, including recreation areas in the residential neighborhoods and groups of residential 
houses, is not fully developed at the moment and in the stage of setting and adjustment.  

4.3. Chinа 
A fairly large number of laws and standards in the field of environmental protection, in particular 
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against noise, has been developed and is in force in China. So, among the main ones are the following:  
- Environmental Protection Law of The People's Republic of China (16); 
- Law of the People's Republic of China on Prevention and Control of Noise Pollution  (17). 
In 2010 a guideline document on strengthening prevention and control of environmental pollution 

and improving the quality of the urban and rural acoustic environment was issued (18), according to 
which noise pollution in public life should be prevented and controlled. Thus, the ‘Standards of noise 
emissions in the social environment’ should be strictly observed, prohibiting commercial activities to 
use audio equipment in the open air to attract customers. In addition, noise pollution in the areas of 
commercial services, such as catering, entertainment, fitness, shopping, etc should be strictly 
controlled. The main source of noise pollution should be equipped with automatic noise monitoring 
equipment, and monitoring data should be used as a basis for law enforcement supervision. An 
automatic environmental noise monitoring system should be installed in key cities. According to this 
document, it was required to install at least one noise indicator in each city by the end of 2011. In 2002, 
the State Environmental Protection Administration issued a Notification of measures for establishing a 
quiet residential community (19). According to this document, in order to implement the ‘Response of 
the State Council to the 10th Environmental Protection Plan’ (National letter [2001] No. 196) ‘all 
settlements should focus on solving environmental problems that are strongly reflected in the masses 
and have unresolved problems’ and ‘use incentive mechanisms to create environmental protection’. It 
was decided to launch a ‘quiet residential community’ in the cities across the country. The objective of 
this event was to create a number of examples of residential communities with excellent environmental 
management and quiet and comfortable living conditions to further promote noise management in the 
urban environment.  

The criteria of the ‘quiet residential community’ were as follows: 
- the average equivalent noise level of the environment in the residential  area reaches the standard 

of environmental quality, that is at least 55 dB in the daytime and below 45 dB during night time;  
- the level of satisfaction of the population with the quality of the community environment is not 

less than 95%, and complaints about noise violations can be settled in accordance with the law, the 
level of settlement is 100%. 

Chapter 6 of the Law of the People's Republic of China on prevention of environmental pollution 
(17) is devoted to prevention and monitoring noise pollution in public life. According to this law, the 
boundary noise of newly built commercial cultural and entertainment facilities must comply with the 
state standards for environmental noise; if it does not meet the standards for environmental noise 
established by the state, the administrative Department of culture does not issue a license for cultural 
activities, and Business license cannot be issued by the Department of market supervision and 
management. Article 44 prohibits the use of high-pitched sound signals for commercial purposes or 
other methods of creating high levels of noise to attract customers. China also has a system of taxation 
for exceeding noise levels in the environment in accordance with the PRC Law on environmental 
protection taxes (20). Moreover, according to article 24 of the abovementioned Law, People's 
governments at all levels should encourage taxpayers to increase investments in environmental 
construction and provide financial and political support to taxpayers' investments in equipment for 
automatic monitoring of pollutants. According to the Law of the PRC on environmental protection 
(effective January 1, 2015), (16) environmental protection is the main national policy of the country.  

The state shall adopt economic and technological policies and measures to promote conservation 
and processing of resources, environmental protection and improvement and harmony between people 
and nature, so that economic and social development and environmental protection are coordinated.   

4. EXPERIENCES FROM WORLDWIDE COUNTRIES 

4.1 Europe 
5.1.1. The cities 
Berlin has a long history of club culture and nightlife, dated back especially to the 1990s, when club 

cultural activities flourished due to the surplus of available space and lack of control. Nowadays, an 
increasing number of residents and tourists share public spaces for different uses such as recreation, 
sporting and cultural activities, leading to potential conflicts (21). Non-commercial access-free 
open-air events, which usually take place in public spaces, are indeed particularly critical. Youth 
cultural music events have spread out over the past years, provoking conflicts regarding noise and 
littering. Due to the high number of official open-air events (e.g. “Karneval der Kulturen”, a street 
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parade celebrating Berlin’s cultural diversity), it is difficult for organizers to get permissions to 
organize smaller and unofficial events in public spaces. Furthermore, getting approval often takes 
several weeks, whereas free open airs are usually spontaneously organized. Consequently, many 
events are illegally organized. For young people and newcomers to the music scene it is rather easy to 
organize free open airs and thus engage with the cultural scene in Berlin. However, open air events can 
also negatively affect other groups of people, such as local residents, who might need quietness while 
resting at home, people who are using the same spot (e.g. a park) to recover or people who work nearby 
and need to focus on tasks. Thus, Berlin is facing the challenge to identify spaces where open air 
events can be organized without disturbing other people in order to protect the right to quietness and, 
at the same time, ensure the right to party. To tackle this challenge, the Club Commission – a 
Berlin-based association of club, party and event organizers – has launched the Model Space project in 
2018 aiming at identifying solutions at spatial and policy level in order to promote and facilitate the 
use of “Model Spaces” for free open airs. Part of the project was conducted in cooperation with 
students of the Master program in Urban and Regional Planning at TU Berlin.The joint project looked 
for spatial parameters and potential spaces in Berlin that support the organization of free open airs, 
without leading to conflicts. So far, sixty spaces in three Berlin districts (Friedrichshain-Kreuzberg, 
Pankow and Mitte) were identified and ranked according to evaluation criteria, like: distance to 
residential areas, accessibility, nature protection status and noise level thresholds.  For example, one of 
the best-ranked spaces is the industrial site “Gewerbegebiet Pankow Nord” in the Pankow district. The 
area is located far from nearby housing complexes (approximately 600 meters), it ’s affected by high 
noise levels due to the nearby highway, and being classified as an industrial site, it has permissible 
noise levels up to 65 dB(A) during the day and 55 dB(A) at night, according to TA Lärm. Due to the 
complex overlapping of diverse interests and stakeholders, it is still under discussion whether 
identifying “Model Spaces” is the most effective measure to address the issue of free open airs. Other 
measures could include the release of a law inspired by the “Freiluftpartygesetz” (the “open air party 
law”) passed by the city of Bremen.  

In Bremen, the Municipality implemented a simplified procedure for spontaneous non -commercial 
open-air events with up to 300 people. Instead of applying for permission, people who would like to 
organize an open-air event can communicate their intention, by handing in a one-page form between 
one week and 24 hours before the event.  

Noise management and planning of noise management interventions are two important aspects of 
the integrated urban management approach carried out by the Municipality of Florence (22) in the last 
15 years, which has been committed to the reduction of environmental noise. Law no. 447 of 26 
October 1995 "Framework Law on Noise Pollution" grants municipalities the right to carry out 
"temporary activities and events in public places or places open to the public and for temporary shows", 
as an exception to the limit values provided for by the said law in article 2, paragraph 3, in compli ance 
with the provisions indicated by the municipality itself. Generally, the authorizations for derogation 
are requested for the following activities: construction sites for the realization of works of both private 
and public interest, including major works, sports activities in general, local festivals, promotional 
activities and/or tourist-commercial, to be implemented both outdoors and indoors, to enhance the 
territory such as the holding of parties in the square, musical entertainment or similar promot ed by 
both public and private bodies (party parties, concerts, musical accompaniment of food, nightlife).  For 
the purposes of the request for exemption, the basic data to be known and published are: date of the 
request for authorization, applicant (public body, local or private), number of days of the activity in 
derogation, authorized hours, acoustic limits authorized, census of receivers, number and date of the 
act of authorization. In view of this trend, the Municipality of Florence has developed and is starting to 
experiment with a new procedure for derogation authorizations, trying to underline that they are a 
useful tool to guarantee the rights to carry out temporary activities, mitigating their impact  and to 
maintain civil coexistence among citizens. The innovative aspect of the procedure is that in order to 
characterize the places, the application of a double method is promoted: quantitative, by carrying out 
noise measurements and qualitative, by carrying out soundwalks with interviews with residents and 
visitors.  

In Milan and Turin, the MONICA project concerning recreational noise has been recently carried 
out (23). Specifically, results of a self-selected Italian sample obtained through an online questionnaire 
aimed at threading some light on the nature of the problem, in particular: individuation of the most 
concerned areas, characteristics of the people complaining and evaluation of economic, health and 
everyday life consequences. Answers report a picture of really troubled nights in nightlife districts, 
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with very loud anthropic noise until very late, sleep deprivation, health effects, house depreciation and 
high costs to mitigate the problem. Besides respondents highlight degradation and safety problems as 
well as viability and parking difficulties. Noise measurements, carried out in Milan and Turin in 
nightlife districts, in order to provide a technical basis to the subjectively reported annoyance by the 
questionnaire respondents, confirm the presence of very high, illegal levels within the resident ’s 
homes, both with open and closed windows, especially considering that involved areas are 
characterized by low or no car traffic and the time period was between 11 pm and 02 am, even in no 
weekend days.  

In Turkey (24), it was examined the recreational noise pollution and management strategies already 
applied in two cities of Antalya and Konya respectively located in Mediterranan and Middle Anatolian 
Region in Turkey. For Antalya City, the strategic noise map, noise complaint data and noise 
assessment reports for entertainment places were evaluated. For Konya City, it was assessed the 
strategic noise map and the environmental noise monitoring system which can be considered as one of 
the first applicable system in Turkey in terms of noise management. Under the light of the applications 
in two cities, it has recommended that improving and installing the environmental noise monitoring 
system as a communicative tool in noise policy applications may be beneficial especially for the 
recreational noise pollution control in order to achieve effective noise complaint management and to 
provide dynamic noise maps. Moreover, designing quiet areas as buffering zone by using the 
soundscape approach has been individuated as an innovative way in mitigating the noise annoyance 
due to recreational noise pollution in residential areas.  

 
5.2. Russia 
According to the State Report ‘On the environmental state and protection in the Russian Federation 

in 2017’ (25), in 2017, as in previous years, the main contributor to the whole set of  physical factors 
(noise, vibration, EMF) is acoustic noise. Its contribution to the factor load is 47.7%. In second place 
is the vibration factor, the contribution of which is 25%. In third place in importance are 
electromagnetic fields with a frequency of 50 Hz, the contribution of which is at the level of 9%. 
Analysis of the dynamics of the number of facilities that are the priority sources of physical factors in 
the period 2015-2017 shows that in 2017, in comparison with the previous year, there is an increase in 
facilities - sources of noise by 2.95%. The specific weight of the facilities where the discrepancy 
between the levels of physical factors and the requirements of sanitary legislation was revealed in the 
dynamics in the period 2012-2017 remains consistently high, from 21.2 to 16.0% of measurements - in 
terms of noise level exceeding sanitary norms (25). Intensive work to promote the idea of creating 
noise maps of the cities is currently underway the Russian Federation. Thus, in 2006 -2007 the first in 
Russia noise map of St. Petersburg was developed. Unfortunately, updates to this map have not been 
made to date, but work on the development of this direction in the country is in progress. The issue of 
creating a system of continuous noise monitoring in the cities and development of dynamic noise maps 
with possibility to monitor changes in the acoustic environment in the ‘on-line’ mode has also been 
repeatedly raised in the country, but this matter is also at the stage of approval.  

One of the largest implemented projects was the development of the ‘Environmental strategy of the 
city of Moscow for the period up to 2030’(26), which outlined the goals, objectives and principles of 
the environmental policy, including equal attention to the economic, social and environmental 
components of sustainable development and the recognition of  impossibility to develop for the city 
of Moscow if the environment degrades; preservation of production facilities within the city 
boundaries only if they implement environmental protection plans aimed at gradual reducing the 
impact on the environment through the introduction of environmentally-oriented and innovative 
technologies; priority of production facilities, machinery, technology with little impact on the 
environment, ensuring better compatibility with the environment; availability of environmental 
information. Noise reduction in Russian cities, including recreational areas, is largely carried out by 
installing noise barriers. In addition, standard measures are used to reduce urban traffic noise in the 
source of its formation by reducing its emissivity through modernizing structures, using low -noise 
equipment, etc. In order to reduce noise in recreational areas, the following measures can also be 
applied: restricting truck traffic on the central streets and along park areas, assigning special aircraft 
courses, green planting. In addition, in the summer there are so-called ‘singing’ fountains, including 
those in places with high passenger flow, for instance, in the Moskovskaya square, which is an 
interchange transport hub between the city and the suburbs, as well as in the Finland station, the largest 
in the city, which was originally created for aesthetic and entertainment purposes, but they also 
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perform the function of replacing urban noise. So, in the repertoire of sound-and-light fountains there 
are masterpieces of classics, works by Andrei Petrov, Vladimir Solovyov -Sedoy, Paul Moria, hits of 
the 1960s, as well as marches and waltzes. The average duration of each show is 20 minutes. Major 
music festivals, such as the annual rock festival ‘Invasion’, with the number of visitors of about 
150-200 thousand people, are usually held away from major cities and at a distance of at least 500 m 
from nearby settlements and villages. 
 

5.3. China 
The problem of hearing impairment among young people in China is also extremely relevant. Thus, 

to increase education and awareness level of people in this matter, the National ‘Love the Ear’ Day was 
established in China on March 3, when the Chinese media tell about hearing disorders, noise exposure, 
prevention and treatment of the widespread diseases connected with hearing disorders  (4). 

According to the Report on prevention of environmental pollution in China of 2018 (27), 
approximately 185 resolutions, provisions and documents concerning prevention and monitoring 
environmental pollution, were issued in 2017. The division of functional zones of the acoustic 
environment was completed for the first time in seven cities and adjustment of the functional zones of 
the acoustic environment was completed in 29 cities, which are under jurisdiction of 16 provinces 
(districts). According to the same report, three main objectives on monitoring the quality of the 
environment, namely, quality of the acoustic environment of a functional zone, quality of the acoustic 
environment of day time and quality of the acoustic environment of day traffic were implemented at 
the level of prefectures and higher in 2017. Measurements were taken in 79,669 points. The gene ral 
indicator of the environmental acoustic monitoring compliance in urban functional areas across the 
country was 92.0%, and the general level of night monitoring was 74.0% (27). In 2017 environmental 
protection departments at all levels received a total number of 550,000 complaints about 
environmental noise (which makes 42.9% of the total number of complaints about the environment) 
with the coefficient of completion of 99.7%. Among those there were complaints about manufacturing 
- 10.0%, about construction noise - 46.1%, about social noise - 37.7% and about transport noise - 4.2% 
(27). 

 

5. CONCLUSIONS 
The legislation of Europe, Russia and Asia in terms of noise protection, in particular in recreational 

areas, attention to which has increased significantly in recent years, have been studied as part of 
preparing this article. Thus, the scientific community recognizes the importance and need to regulate 
and normalize noise levels not only in the workplaces, residential areas and from industrial and 
transport hubs, but also in recreational areas, parks, specially protected areas. The significance of 
addressing this issue is associated with the strong negative impact of the physical factor under 
consideration on the body as a whole, including the cardiovascular system, as evidenced by the reports 
on the morbidity of the population of each country, unfortunately, with quite high figures. In 2018, 
WHO published a review (6) with a special emphasis on recreational noise.  

In the countries under consideration, the issue of reducing recreational noise is addressed in 
different ways and develops at different rates, as shown in this article. However, the desire and trends 
to improve the legislative framework are observed in each of them. Nonetheless, at present moment 
this issue is less developed in Russia in comparison with Europe and China.  

In connection with the ‘novelty’ of the issue and its ‘active’ stage of development at present time, it 
should be noted that in order to determine and maintain the correct noise reduction strategy to preserve 
health and comfort of people, it is extremely important to maintain international cooperation and take 
into account the experience of each other.  
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ABSTRACT 
Noise is one of the inevitable environmental types of pollution especially in densely populated urban 

areas with the design approach including the recreational places within the residential areas. It is well known 
that there are lots of evidence on the health effects of environmental noise and to control this, the 
improvements have been carrying on in both legislative basis and scientific basis. In Turkey, during the 
harmonization of European Directives into national legislation as a full candidate country of European Union, 
2002/49/EC of Environmental Noise Directive was one of the first ones transposed with the name 
of ”Regulation on Assessment and Management of Environmental Noise (RAMEN)” in 2005. In the scope of 
RAMEN, the noise criteria and evaluation procedures are identified for the main noise sources including also 
entertainment places. In this paper, recreational noise management in Turkey will be explained and discussed 
through giving the information on what the main environmental noise criteria for entertainment places is, 
which authorities responsible for noise audits are, how the procedures to take the music allowance are applied, 
what requirements of technical staff to conduct the environmental noise measurements and preparing the 
noise assessment reports are needed. 

 
Keywords: leisure noise, acoustic, entertainment place, movida  

 

1. INTRODUCTION 
Environmental noise is an important environmental concern especially in highly urbanized cities. 

The negative health effects of exposure to environmental noise have been investigated and studied 
broadly by from local to international bodies. The Report “Burden of disease from environmental 
noise” published by World Health Organization (WHO) states that at least one million healthy life 
years are lost every year from traffic related noise in the western part of Europe. Sleep disturbance and 
annoyance, mostly related to road traffic noise, comprise the main burden of environmental noise” (1). 
This is also clarified by European Environmental Agency (EEA)’s reports published in 2018 which is 
stated that due to the traffic, more than 76 million people in the EEA-33 member countries are exposed 
to high night-time noise level that is defined as Lnight above 50 dB in 7th Environment Action Plan (2). 
The night noise guideline level set by WHO in 2009 for Europe is 40 dB (3). It is seen that these are 
mostly based on transportation noise due to its broader effect. Both Environmental Noise Directive 
(2002/49/EC) (4) and EEA Report on “Noise in Europe 2014” (5) mainly focus on the noise coming 
from transportation. However, the recently published WHO Noise guideline includes two new noise 
sources, one of which is leisure noise. In this extent, leisure noise means all noise sources that people 
are exposed to due to leisure activities, such as attending nightclubs, pubs, fitness classes, live sporting 
events, concerts or live music venues and listening to loud music through personal listening devices  
(6). Although such type of noise pollution affects fewer people in specified areas when compared to 
other type of noise sources, the local authorities have to provide great effort to manage the leisure 
noise due to increasing noise complaints of residents nearby such entertainment places. 

In recreational noise pollution, the climatic and touristic characteristic of the cities is needed to be 
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considered as the increasing factor in the magnitude of noise levels and the disturbance level of 
residents. The countries with coasts have challenges in this issue and researches on recreational noise 
pollution have been starting to be conducted more in latest years (7, 8). Most of the researches on 
recreational noise conducted in recent years generally focuses on the determination of the noise levels 
coming from the entertainment places (9, 10, 11) and the little one focuses on the control strategies for 
leisure noise from the point of the environmental noise management (12,13). The same situations have 
been encountered in Turkey especially in coastal cities with special features in terms of climatic, 
touristic, historical and geographical aspect. In order to protect the public health from the impact of 
high level of noise pollution, both administrative with legal restraints and awareness campaigns have 
been conducted.  

This paper presents recreational noise management in Turkey and it is discussed through giving the 
information on what the main environmental noise criteria for entertainment places is, which 
authorities responsible for noise audits are, how the procedures to take the music allowance are applied, 
what requirements of technical staff to conduct the environmental noise measurements and preparing 
the noise assessment reports are needed 

 
2.  MAIN LEGISLATION ON RECREATIONAL NOISE AUDITS 

2.1 Responsible Authorities on Environmental Noise Audit 
Main legislation on environmental noise control in Turkey is Regulation on Assessment and 

Management of Environmental Noise (RAMEN) (date of official gazette (04/06/2010 with amended 
18/11/2015) and the main authority at national level on this legislation is Ministry of Environment and 
Urbanization (14). As a full candidate country of EU, this regulation was firstly driven into force in 
2005, harmonized with the EU Environmental Noise Directive (2002/49/EC).  After 2005, this 
regulation was amended in 2008, 2010, 2011 and finally in 2015 in order to solve the problems faced 
with during the applications. RAMEN includes the definition of responsibilities and related authorities,  
acoustic criteria for land use planning, acoustic report format, qualifications for the organizations and 
agencies, which will prepare acoustic report, environmental noise assessment report, noise maps and 
action plans and responsible authorities for preparing noise maps and action plans, noise measurement 
procedures and methodology with referring to ISO standards and the limit values for noise sources as 
transportation (road/railways /aircraft/waterways), industrial plants, workplaces, air conditioners, 
electric generators and entertainment venues.  

In RAMEN, entertainment venue is defined as a workplace operating within an accommodation 
facility independently, which offers live music to meet the entertainment needs of customers and the 
live music in this definition refers to the type of music made by real instruments and/or audio or 
videotape using electronically amplified sound source. As it is seen there is dilemma on the term of 
“live music” definition between the real meaning and the meaning referring at this regulation. This is 
mainly due to the requirement of use of the same terms in two regulations as RAMEN and Regulation 
on Working License.  

The entertainment venues are audited in the scope of environmental noise whether scheduled or 
unscheduled, or to assess noise complaints within the framework of RAMEN. These shall be 
conducted by 
- Municipalities to which transfer of authority have been made in accordance with the 

Environmental Law for complaints within municipal boundaries and adjacent area. These 
municipalities should establish environmental management department with minimum two staff 
who are required to participate to the training course on environmental noise provided by the 
institutions whose qualifications are determined by Ministry.  In addition to responsibility of 
public noise complaint audit, Municipality with authority on environmental noise should evaluate 
the environmental noise level assessment report prepared for music allowance of entertainment 
places.  

- In the case of Municipality does not have authority on environmental noise, Provincial 
Directorates of Environment and Urbanization (PDEU) carries on noise audits for public noise 
complaints and it should evaluate noise assessment reports under RAMEN. and send its official 
opinion to Municipality. 

 

328



 

 

2.2 Environmental Noise Audit Procedure for Recreational Places 
The audits are mostly carried on due to public noise complaints from the neighbors living nearby 

the recreational places. The complaints are appealed to related authority via formal letter, e -mail, or 
call center of Ministry. The general approach for the assessment of public noise complaints could be 
summarized mainly under six titles given as following; 

a) Registration: The public noise complaint was registered formally at institution and sent to the 
technical staff who should audit.  

b) Election Criteria: The noise source stated in the complaint is evaluated whether it is in the 
scope of Environmental Noise Regulation (RAMEN) or not. If it is not in the scope of 
RAMEN, the formal letter is sent to the citizen to inform him/her for applying the other 
related public body. If it is in the scope of RAMEN, it is taken into audit program 

c) Preparation for Audit: The audit is planned with two technical staff whose qualification is 
available for this audit and the plan is structured based on the complaint letter including which 
place and at which time the citizen is mostly annoyed. 

d) Audit in Situ-Noise Measurement: The audits for the noise complaint is basically based on the 
environmental noise measurements and the articles defined in RAMEN regarding the music 
allowance document, opening-closing time of music activity, the layout of noise sources, etc. 
The environmental noise measurement is conducted in the place mostly at the complainant’s 
home or in front of the building of where the person mostly annoyed. Since the evaluation of 
noise limit values for entertainment venues is based on the differentials of noise level 
measured in two conditions according to the RAMEN, mainly two environmental noise 
measurements are conducted. The first one includes the environmental noise level including 
the noise source complained is working on and the second measurement is conducted when the 
noise source complained is not working, which is the noise level to get the background 
environmental noise level.  

e) Reporting in situ: after the two noise measurements in the exposed building, the technical staff 
wrote the minute (official report) in the facility that was complained. The official report signed 
by the facility owner and the technical staff includes data on the noise measurement levels and 
the situations detected during the audit. One copy of the formal letter and the output of the 
sound level meter is given to the entertainment venue. 

f) Evaluation in the office: The noise levels measured during the audit are assessed whether it is 
complying with the regulation or not by the same technical staff. If the noise levels exceed the 
limits defined in the regulation, the administrative sanction is applied to the entertainment 
venue and the informative and warning formal letter is sent to the enter tainment venue 
including the amount of administrative sanction and warning to take the necessary precautions 
to decrease the noise levels.  

3.  MAIN REQUIREMENTS OF RECREATIONAL PLACES 

3.1 Music Allowance Procedure of Recreational Places  
In Turkey, the music allowance to the entertainment places is provided by Municipalities in 

accordance with the provisions of By-Law on Starting Business and Work Permits entered into force 
by the Council of Ministers Decree dated 14.07.2005 and numbered 2005/9207.  

The entertainment venues which are intended to have music activity should firstly have “Opening 
and Working License for Workplaces” which is provided by Municipality.  In the second stage after 
getting opening and working license, the entertainment venue should take “music allowance document” 
from Municipality. In order to take this allowance, the operator of that venue makes “Environmental 
Noise Level Assessment Report” prepared by competent laboratories and this report assigned to 
Municipality which gave the working license of that venue. This report is assessed by Municipality if 
it has authority on RAMEN. If Municipality has not authority on RAMEN, then Municipality sends 
this report to Provincial Directorate of Environment and Urbanization (PDEU) and it investigates this 
report according to the principles of RAMEN and the formal decision letter on this report is sent to 
Municipality. At the end of this process, if all the situations regarding the noise levels and the other 
elements based on Regulation on Working License and RAMEN, Municipality give the music 
allowance to that entertainment place. 
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3.2 Environmental Noise Criteria for Entertainment Venues 
In order to get music allowance, the entertainment venues should comply with the criteria defined 

under RAMEN, which are needed to be reported on “Environmental Noise Level Assessment Report” 
submitted to Municipality. The main criteria for entertainment places under RAMEN is given below as 
follows; 
- The environmental noise from entertainment venue/s adjacent to the exposed building shall not 

exceed the background noise level in the exposed building in Leq. 
- The environmental noise from entertainment venue not adjacent to the exposed building shall not 

exceed the background noise level in the exposed building more than 5 dBA and 7 dBC in Leq.  
- The total level of environmental noise emitted from more than one entertainment venue shall not 

exceed the background noise level more than the range of 7-10 dB in Leq. dB(A) and 9-12 in 
Leq  dB(C). Taking this range as basis, total level of environmental noise shall be determined by 
the Decision of Provincial Committee of Environment, taking into consideration the factors such 
as number of people in the area exposed to noise, the distance between noise-sensitive spaces and 
source of noise. In case of exceeding the limit values given in this sub-paragraph, each 
entertainment venue which contribute to the background noise level shall be responsible for 
exceeding limit value. After the determination of the noise contribution rate, each  business shall 
take the necessary measures. 

- Live music in open and semi-open entertainment places operating in areas where there are 
sensitive uses is prohibited between 24.00 and 07.00. During other time, they continue activities to 
ensure limit values specified in above. 

 
These criteria are all questioned in the environmental noise level assessment report which has 

structured report format identified by Ministry under RAMEN. It includes mainly 5 parts as follows; 
General information on the entertainment place such as the noise sources; the building structure of the 
facility, the nearby buildings affected from its noise; Information on noise measurements such as the 
measured level, measurement conditions, devices and calibration information; Evaluation of noise 
measurements; Measures to be taken for noise control; Annexes as calibration certificates of noise 
devices, training certificates of staff conducting noise measurement, certificate of laboratory 
conducting the measurements, layout plan for noise measurement points.   
 

3.3 Technical Staff Qualifications for Environmental Noise Evaluations  
In Turkey, the technical staff and the measurement laboratory should have adequate qualifications in 

order to conduct environmental noise measurements and report preparation for music allowance 
document. The staff working on competent laboratory on environmental noise shall have the training 
certificate on environmental noise measurements. They should participate into the standardized 
training course given by the institution, which has protocol with Ministry on giving such training 
program. That protocol also includes the qualifications of the trainers who should have the 
prerequisites as follows; 

- He/she has PhD. on acoustic and vibration and he/she is still working on this field.  
- He/she has applicable studies on noise measurements/insulation/noise mitigation.  
- He/she is capable of using environmental noise measurement device and of using the 

computational methods on this. 
 There are mainly 6 certificate/training programs as listed below; 
- A1: Introduction to Acoustics and Field Measurements (max. 15 hours)  
- A2: Engineering Acoustics (includes noise measurements and preparation of noise assessment 

reports) (max. 30 hours)  
- B1: Noise Report and Noise Mapping for Industrial Plants (max. 36 hours)  
- B2: Traffic Noise Mapping and Reporting (max 30 hours) 
- C1: Building Acoustics (max. 30 hours)  
- C2: Noise Action Planning (max. 40 hours)  

 
Those who will prepare environmental noise level assessment reports for businesses  and 

installations, factories, facilities, enterprises, entertainment venues, etc. not included  in under the 
Regulation on Environmental Permits and Licences shall be graduates of engineering, architecture and 
science faculties of universities. Moreover, they shall have the level of expertise to conduct these 
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works. Technical staff should have certificate of A1 if they only perform noise measurement, but in 
order to elaborate reports they must have, at least, A2 certificate.  

The laboratory carrying on these shall have pre-qualification/competency certificate to be obtained 
from the Ministry according to measurement standards specified for the businesses as TS ISO 1996-2 
and TS 9315 (ISO 1996-1).  From the point of environmental noise audits to the entertainment venues 
by the local authority as Municipality or PDEU, minimum two technical staff should carry on the noise 
audit. One of them should be four-year university degree and the other staff could be 2-year university 
or high school degree. At least, one of the staff should have A1 training certificate on environmental 
noise measurement.  

4. DISCUSSIONS AND CONCLUSIONS 
As a full candidate country of European Union, Turkey have been making significant progress on 

complying with EC Law. Environmental noise management is one of the most important achievements 
on this way. Environmental Noise Directive (END) 2002/49/EC was transposed to Turkish National 
Legislation with a name of “Regulation on Assessment  and Management of Environmental Noise 
(RAMEN)” firstly in 2005 and this was amended in 2008, 2010, 2011 and lastly in 2015 in order to 
make this legislation more applicable. Although it is harmonized with END, it also includes the 
additional provisions like noise exposure categories for land use planning, criteria for expertise on 
environmental noise, criteria for evaluation of noise audits and sanctions. designation of competent 
authorities responsible for strategic noise maps and action plans, noise limit values for transportation 
and industrial sources and workplaces, facilities and also for recreational places which is not addressed 
in END.  

This type of noise pollution has getting more apparent especially in coastal cities of Turkey with 
special features in terms of climatic, touristic, historical and geographical aspect . Specifically, the 
local authorities in coastal side of the country have been given great effort to reduce the noise pollution 
coming from the recreational places through the intensive noise audits. However, it is seen that the 
public noise complaints have been still increasing. Therefore, only the noise audits by local authorities 
finalized with administrative sanctions is not enough to provide healthy acoustic environment in a long 
period. There is need to improve more smart and sustainable solutions for this problem (15). Most of 
the European cities have also the same challenges due to the recreational places in city centers called 
as movida. Both local authorities and researchers have been trying to propose new approaches on this 
field. For instance, in Fimiani and Luzzi’s study, new control system based on a network of low cost 
sensors and on a participatory definition of limits was proposed for Bologna of Italy (10). Konya City 
of Turkey have been using noise monitoring system since 2015 and the main objective is to evaluate 
the mostly annoying sound levels in challenging areas and to provide public information and to inform 
the owner of the recreational places in order to take administrative precautions by itself  (15). In 
Ottoz’s study, it is declared the need to an active city planning with a purpose of win-win solution for 
all the movida stakeholders. Moreover, it is recommended that the evaluation of external cost of noise 
pollution through cost-benefit analysis, which is required by Environmental Noise Directive, should 
also be applied for the recreational noise (12). This issue was also addressed in Azam’s research, 
which is stated that cost pricing of environmental problems may provide lots of benefits in a way that 
minimizing environmental pollution lead to maximizing the financial gaining for tourism sector (16). 
In the study focusing on Malaga’s recreational noise management, It was emphasized that conducting 
temporal monitoring campaign with several communication actions increase awareness among 
stakeholders to take their support on the planning and prioritization of further noise mitigations  (13). 
As it is suggested in Bollesterus study, the recreational noise pollution does not only consist of the 
leisure or music activity in that venue but also includes the people staying the outside of that place and 
this study highlighted the importance of people behavior and education in silent attitudes (9). 
Therefore, during the recreational noise management, it has to be considered wide spectrum 
stakeholders including the owners of the entertainment venue who choose the technology and the type 
and design of the activity, its customers who are only willing to entertain, the neighbors who are 
exposed from that recreational noise and the local authority who should provide balance between all 
citizens and the city under lots of legislation applied by technical and administrative staff. At tha t point, 
the vocational skills of staff working on environmental noise management is very necessary to 
construct the strong bridge between the citizens and the city authorities. The Noise Training Project 
(NTP) financed by EC under Erasmus+ Program has been implementing in order to improve the 
vocational skills on environmental noise management and to develop sharing of good practices 
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through the partnership between European countries as Turkey, Italy and Spain . With NTP, it is aimed 
to develop curriculum content on environmental noise and the handbooks on legal, technical and 
communicative aspects of environmental noise management and the entertainment venues are 
specially take part on these handbooks (17).  

As in the control and management of all type of environmental pollution, there is need to focus on 
prevention of pollution at the source. At that point, the legislation on urban planning and workplace 
allowance needs to consider acoustic quality of environment by integrating, cooperating and 
supporting each other. Municipalities as local authority having responsibility on giving working 
permission license to the recreational places should play role intensively in environmental noise audits. 
The stakeholder from the operator of recreational place to the neighbor near this premise and the 
customer and from the technical staff to the policy makers is needed to be aware of this type of 
pollution and give importance in management process in a smart and sustainable way.  There is need 
to give necessary importance for supporting and improving the researches and the projects on this 
issue.    

  
 

REFERENCES 
 
1. World Health Organization Regional Office for Europe. Burden of disease from environmental noise 

quantification of health life years lost in Europe, Joint Research Center, 2011. 
2. European Environment Agency. Population exposure to environmental noise.2018 
3. World Health Organization. Night noise guideline. Geneva, Switzerland, 2009. 
4. European Parliament and Council. Directive 2002/49/EC Relating to the Assessment and Management 

of Environmental Noise; Publications Office of the European Union: Brussels, Belgium, 2002. 
5. European Environment Agency. Report Noise in Europe 2014; No 10/2014. 
6. World Health Organization. Environmental Noise Guidelines for the European Region; 

Copenhagen, Denmark, 2018; ISBN 9789289053563.  
7. Asensio C, Arcas G, Gasco L. Lopez JM, Alonso J, Antonio R, Castillo A, Herrans C, Luis MM. 

Recreational noise assessment in Malaga. Proc ICSV23; Athens 2016. 
8. Victoria State Government, Environment, Land, Water and Planning, Live Music and 

Entertainment Noise, Planning Practice Note 81, 2016, 
https://www.planning.vic.gov.au/_data/assets/pdf_file/0024/13479/PPN81-Live-Music-and-Ente
rtainment -Noise_September-2015. 

9. Ballesteros J, Fernandez MD, Ballesteros AJ. Acoustic evaluation of leisure events in two 
Mediterranean cities. J Applied Acoustics. 2015; 89:288-296. 

10. Fimiani F, Luzzi S. Monitoring and reducing noise related to movida: Real cases and smart 
solutions. Proc. ICSV22; July 2015:1959–1965. 

11. Ottoz E, Rizzi L, Nastasi F. Recreational noise: impact and cost of movida for disturbed residents 
in Italy. Proc. Internoise 2016: 7284-7293. 

12. Ottoz E, Rizzi L, Nastasi F. Recreational noise: Impact and costs for annoyed residents in Milan 
and Turin. J.Applied Acoustics. 2018 (133): 173-181. 

13. Asensio C, Gasco L, De Arcas G, Lopez JM. Assessment of residents’ exposure to leisure noise in 
Málaga (Spain). J Environments 2018; 5(12): 134.  

14. Turkish Oflcial Gazzette. Çevresel Gürültünün Değerlendirilmesi ve Yönetimi Yönetmeliği 
(18.11.2015. http://www.resmigazete.gov.tr/). 2015. 

15. Akbulut Çoban N, Dalkılıç C, Kaya S, Tükmenoğlu M, Çoban M. Smart solutions for recreational 
noise pollution in Turkey. J Noise Mapping; 2018; 5(1): 21-32. 

16.  Azam M,  Alam, M, Hafeez MH. Effect of tourism on environmental pollution: Further evidence 
from Malaysia, Singapore and Thailand. J Cleaner Production; 2018; 2018(190); 330-338. 

17. Akbulut Çoban N, Asensio C, Bellomini R, Carfagni M, De Arcas G, Bartalucci C, Borchi F, Kaya 
S, Luzzi S, Pavon I, Trujillo JA. Improvement of environmental noise management skills on 
Audits: first results achieved in the frame of the Erasmus+ Project on Noise Training, Proc 
Internoise2019; Madrid, Spain June 2019.   

 
 

332



1 2

-

1. 
-

-

                                                        
1

2

333



- -

-

-

2. 
2.1 

334



reported in (17) show a reverberation time at 500-1000Hz of 1.86s. In the following steps the area of Largo 
Saluzzo has been approximated to a large court
an equivalent absorption area has been estimated (Atot= 2582,52 m2) considering these areas with an 
absorption coefficient equal to 1 and the other surfaces with the properties introduced in (17).  

City of Torino decided to start facing problems of this venue by a data-driven approach based on long-
term monitoring  and in 2016 has been put in place in Largo Saluzzo a video-surveillance system and a 
low-cost IoT noise monitoring network. These facilities have been integrated in the last years within the 
MONICA (19) and ROCK Projects in the framework of European Union’s Horizon 2020 research and 
innovation programme. 

2.2 Environmental Noise Monitoring 
Considering the high spatial variability of noise in gathering places, a sound level meter monitoring 

network based on five low-cost IoT sensors has been deployed in San Salvario district by City of Torino, 
thus integrating previous shorter monitoring campaigns with Class 1 Sound Level Meters (SLMs), thus 
achieving a better noise knowledge across the area.

This network has been temporary integrated with Class 1 IoT SMLs in the framework of MONICA 
project since November 2018 (20 class 1 SLM 00305 (largo Saluzzo) was added to S01 (via 
Saluzzo) and S03 (largo Saluzzo) – see Figure 1. 

Data collected with a sampling time of 1 second are continuously sent via 4G to IoT Open Data 
Platform to be aggregate on LAeq on hour and night basis. Monthly calendar plots as shown in Figure 2 are 
elaborated for each noise sensor, providing an overview of hourly noise levels distribution. 

All collected data shows that the overall noise levels in the most impacted area have high variability, 
with LAeq night levels between 60 dB and 72 dB and picks on Friday and Saturday nights between 11 PM and 
3 AM levels between 62 dB and 75 dB LA1 hour (10). 

Figure 2: calendar plot of noise levels in Largo Saluzzo, November 2018 

The chart shows a certain regularity of the noise levels on weekend nights, from 23 PM to 3 AM, as 
well as in case of midweek feast days (e.g. Hallowing before All Saints’ day on the 1st November) 
reflecting the presence of people in the venue. 

For the monitoring period between 25th October-31st December 2018 some extra analysis has been 
carried on, in order to compare data collected by the low-cost IoT network and by the Class 1 SLM. 

Results of the Spearman correlation indicated that there was a very strong correlation between low-cost 
IoT and Class 1 SLM noise LAeq 1hour levels, (rs[605] = .95, p < .001). 

While the scatter plot and a comparison between the two distributions confirm a good coherence 
between 60 and 80 dB LA1 hour, at lower levels the two sensors show differences (Figure 3): the sensor 
responses and dynamic should be investigated, as well as local variations of background noise. 
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(LAeq, dB). However, the A-weighted statistical level that is exceeded for 90% of the measuring time (LA90, 
dB) has been found (24) to be more appropriate for the background noise estimation mainly due to babble 
noise ( crowd noise) and thus has been used instead of LAeq. 

(1) 

Figure 6 shows LA90 as function of the number of people in the square recorded during the period 
between 25th October-31st December 2018. The analysis has been performed separately for each cluster 
shown in sec. 3.1.  

The equations of the linear regression lines have been added to describe the measured data (red and 
green dots) and compare to the predicted equation (blue dots). The background sound pressure levels below 
logN=1.8 ( 63 people corresponding to a crowd density of 0.03 people/m2) are around 46 dB (red dots), 
which indicates that there is a Lombard effect change-point at this level. Therefore, the prediction model, 
i.e. Eq. 1 has been applied only from this point on. Eq.1 has been applied using g=3.5, c=0.25/0.45/0.55, 
and Ap=0.7m2. A value of g=3.5 indicates that 29% of the people is speaking, which remains the same for 
the different clusters. It can be noticed that the main difference between the clusters is due to the Lombard 
slope, i.e. the value of c. This value increases for cluster 3 reaching a value of 0.55, which is in the typical 
range of this parameter for social gatherings (0.5-0.7). It can be noticed that for the same number of people 
the values of the background noise result different (e.g. for logN=2.5, LA90 is around 57dB for cluster 1, 
63dB for cluster 2 and 65dB for cluster 3). This suggest that there might be also other behavioural factors 
that influence the highest values of the background level (e.g. related to the age of the active people within 
each cluster). Ap values have been set at 0.7 m2, which was considered adequate for a person in winter 
cloths. 

Figure 6: LA90 as function of the number of people in the square. Red and green dots indicate the 
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measured background noise levels. The blue dots indicate the predicted values with Eq.1. 

A further analysis has been made regarding the acoustic capacity of this square. This parameter has been 
introduced by Rindel (17) in order to indicate a design criteria that could be controlled to maintain a 
sufficient quality of the verbal communication. This is achieved when the background noise is lower than 
the threshold of 71dB and it limits the maximum number of people allowed to be present simultaneously in 
the same environment. It can be useful to calculate the maximum number of people (Nmax) allowed also 
within Largo Saluzzo square once that the background noise levels threshold are set. Usually these levels 
are given as LAeq, however here we refer to as LA90. The parameters that have been tuned above for each 
cluster based on the prediction model are used in Eq. 1 where the unknown factor becomes the number of 
people (N=Nmax a limit of density of 2 persons/m2 has been set. 

Table 1 shows these estimations for the three clusters. It shows that considering the parameters (g, c, 
Ap) for cluster 3, the Nmax is lower than for the other clusters. Consequently, the number of people needs to 
be either limited or their behavior needs to be addressed towards 

Table 1: Number of people compared to the background sound pressure level at thresholds indicated 
with LN,A values. The values of g, c and Ap have been obtained in the previous paragraph. 

4. CONCLUSIONS 
After a few years of data collection, a good knowledge of outdoor noise level, including a yearly 

spectrum of hourly noise levels, is available in some gathering place in Torino, Italy. 
Regularities on overall noise levels in relation with the seven nights of the week allow to cluster data 

into three groups, with medium, high and very high crowd noise levels. A certain degree of seasonality can 
be enlightened, with maximum levels in spring and autumn. 

A deeper investigation of the relationship between number of people and background noise has been 
performed, coupling noise and crowd IoT sensors. 

The assumption that in social open air gathering places communication interaction are similar to those 
in restaurants or reception halls has been applied using Rindel model. This shows a strong correlation of 
number of people and LA90 as background noise indicator, well described by group size and Lombard 
effect, given the acoustic absorption of the venue and people. As each cluster of nights shows some 
differences on the Lombard slope only, it is supposed that it is due to some influences of contextual and 
behavioral factors. However, this will need a more systematic questionnaire-based study, which has not 
been performed in the period considered here. 

The same model allows the assessment of the noise level of the crowd is related to given noise 
thresholds, and suggests that communication actions increasing awareness of attendees could led to a noise 
reduction.  

Both these elements could help the implementation of reduction initiatives of noise pollution in social 
gathering places, that remains an open challenge. 
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ABSTRACT 

The national standard GB 50118 Code for design of sound insulation of civil buildings, issued by Ministry of 
Housing and Urban-Rural Development (MOHURD), is the basic code for indoor acoustical quality of civil 
buildings in China. It stipulates the limits for indoor noise levels and sound insulation performance of 
building elements, and specifies the design criteria of noise control. The current version was published in 
2010, in which requirements had been raised compared to previous version. However, with the rapid 
development in China during the last decade, current regulations could not meet the growing needs for better 
sound environment. Traffic noise, HVAC noise and structure-borne noise from service equipment have 
become increasingly annoying, and inadequate sound insulation aggravates the situation. Therefore, 
MOHURD commissioned China Academy of Building Research to undertake the revision of current 
standard in 2018. Based on the correlation between field measurement results and occupants’ perception, and 
referring to guidelines and regulations in developed regions, we’d like to put forward stricter requirements 
for indoor noise and sound insulation performance of building elements. Besides, limits for structure-borne 
noise caused by vibrations of building service equipment or any other noise sources will be introduced to 
assess the dominant low-frequency noise. 
 
Keywords: Noise, Structure-borne, Insulation 

1. INTRODUCTION 
The national standard GB 50118-2010 Code for design of sound insulation of civil buildings, issued 

by Ministry of Housing and Urban-Rural Development of the People’s Republic of China (MOHURD), 
is the basic code for indoor acoustical quality of civil buildings in China, covering dwelling, school, 
hospital, hotel, office and commercial building. It stipulates the limits for indoor noise levels and 
requirements for sound insulation performance of building elements, and specifies the design criteria 
of noise and vibration control. 

The original adoption of GB 50118, drafted by China Academy of Building Research (CABR), was 
first released in 1988. Twenty-two years later, the first replacement was published, which has been 
valid until now. Compared to the previous edition, the subjects of office and commercial building were 
incorporated, and stricter requirements for indoor noise and sound insulation were imposed as well. 

However, with the rapid development and urbanization in China during the last decade, the current 
regulations could not meet the habitants’ growing needs for better and healthier sound environment. 
Traffic noise, HVAC noise and structure-borne noise from service equipment have become more and 
more pervasive and annoying, and inadequate sound insulation aggravates this situation, which leads 
to increasing complaints or even lawsuits. Therefore, MOHURD commissioned CABR to undertake 
the revision of GB 50118 in 2018. 

Based on the correlation between field measurement results and occupants’ perception, and 
referring to guidelines and regulations in developed regions, we would like to put forward stricter 
requirements for indoor noise levels and sound insulation performance of building elements, 
especially for dwelling. Besides, limits for structure-borne noise caused by vibrations of building 
service equipment or any other noise sources will be introduced to assess the dominant low-frequency 
noise. 

In view of space constraints, emphasis is placed on the modified requirements related to dwelling, 
which is also the main work of this revision. 
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2. REVISED REQUIREMENTS FOR DWELLING 

2.1 Indoor Noise 

The limit values of indoor noise for dwellings are shown in Table 1. The basic requirements in bold 
are compulsory provisions and should be strictly implemented, while the higher requirements are 
conditional recommendation for upscale housing. 

Table 1 – Indoor noise requirements for dwelling 

Rooms 

LA,eq [dB] 

Basic requirements Higher requirements 

Day-time Night-time Day-time Night-time 

Bedroom ≤45 ≤37→≤33 ≤40 ≤30 

Living room ≤45 ≤40 

Note: Day-time is from 6:00 to 22:00. Night-time is from 22:00 to 6:00. 

 
Here, the limit value for night-time noise inside bedroom, which is underlined within the table, is 

the only modification to noise requirements, tightened up from 37dB to 33dB. This limitation is 
mainly based on the Guidelines for Community Noise published by WHO in 1999. In this document, 
noise level inside bedroom is supposed not to exceed 30dB at night. Though LA,eq is adopted by both 
the Guidelines and GB 50118 as the noise indicator, the integration time T, the measured time interval, 
is distinctly different from each other. T is over a long term of 8 hours during the night time according 
to the Guidelines, whereas the measurement should be taken during the noisiest period and T depends 
on the types of noise source prescribed in GB 50118, varying from 30 seconds for steady and 
continuous noise, to 20 minutes or even longer for unsteady and intermittent noise. Considering the 
noise is measured during the “peak hours” as per GB 50118, for example the service time of shopping 
mall or subway, it is supposed to get higher equivalent sound pressure level due to the exclusion of 
quiet hours at midnight. That is why we set 33dB as the updated basic requirement for night-time noise 
inside bedroom. 

2.2 Structure-borne Noise 

In the current version of GB 50118, there is only one indicator, LA,eq, applied to assess the indoor 
noise environment. However, the structure-borne noise caused by the vibrations of service equipment 
generally includes a large proportion of low frequency components, and LA,eq could not adequately 
characterize the presence of low-frequency noise due to the suppression while A-weighted. It is not 
rare that LA,eq meets the noise requirements but still inhabitants feel uncomfortable with the humming. 

In order to make up for the lack of requirements for low-frequency noise, limit values for Lf,eq in 
octave bands, centered at 31.5Hz, 63Hz, 125Hz and 250Hz, are introduced to assess the 
structure-borne noise, which are presented in Table 2. The basic requirements in bold are compulsory 
provisions and should be strictly implemented, while the higher requirements are conditional 
recommendation for upscale housing. 

Table 2 – Structure-borne noise requirements for dwelling 

Rooms Class Time 
Lf,eq in octave bands [dB] 

31.5Hz 63Hz 125Hz 250Hz 

Bedroom 

Basic requirements 
Day-time ≤79 ≤63 ≤52 ≤44 

Night-time ≤74 ≤57 ≤45 ≤37 

Higher requirements 
Day-time ≤76 ≤59 ≤48 ≤39 

Night-time ≤69 ≤51 ≤39 ≤30 

Living 

room 

Basic requirements All-day ≤79 ≤63 ≤52 ≤44 

Higher requirements All-day ≤76 ≤59 ≤48 ≤39 
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Note: Day-time is from 6:00 to 22:00. Night-time is from 22:00 to 6:00. 

 
The above values are determined by the following equation: 

NR = LA,eq − 10 (1)

Here, LA,eq denotes the existing limit values for indoor noise, and NR is the Noise Rating values. 
For example, the maximum allowable LA,eq inside living room is 45dB, thus the associated limit 
values for structure-borne noise are determined by NR-35 curve. These values are harmonized with 
those in the Chinese national standard GB/T 50355-2018 Standard for limits and measurement 
methods of vibration in the room of residential building, which is newly issued by MOHURD in 
2018. 

2.3 Airborne Sound Insulation 

Table 3 and Table 4 present the airborne sound insulation requirements for building elements and 
adjacent rooms, which are supposed to be derived from laboratory tests and field tests respectively. 
The basic requirements in bold are compulsory provisions and should be strictly implemented, while 
the higher requirements are conditional recommendation for upscale housing. 

Table 3 – Airborne sound insulation requirements for building elements 

Building elements Indicators 
Basic requirements 

[dB] 

Higher requirements 

[dB] 

Partition wall / Floor slab Rw+C >45→>48 >50→>53 

Floor slab between dwelling and 

non-residential space(1) 
Rw+Ctr >51 — 

Exterior wall Rw+Ctr ≥45 — 

Exterior window 

towards traffic artery(2) 
Rw+Ctr ≥30→≥35 — 

Other exterior window Rw+Ctr ≥25→≥30 — 

Entry door Rw+C ≥25→≥30 — 

Interior bedroom wall Rw+C ≥35→≥40 — 

Other interior wall Rw+C ≥30→≥35 — 

Notes: 

(1) Non-residential space denotes noisy areas such as underground garage or machine rooms. 

(2) For windows used for bedroom or living room. 

 

Table 4 – Requirements for airborne sound insulation between rooms 

Rooms Indicators 
Basic requirements 

[dB] 

Higher requirements 

[dB] 

From outside to bedroom(1) 

(newly adopted) 
D2m,nT,w+Ctr ≥35 ≥40 

From adjacent unit 

to bedroom / living room(2) 
DnT,w+C ≥45→≥48 ≥50→≥53 

From non-residential space 

through floor slab to dwelling(3) 
DnT,w+Ctr ≥51 — 

Adjacent bathrooms DnT,w+C — ≥45 
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Notes: 

(1) For exterior walls installed with window. 

(2) Horizontally or vertically. 

(3) Non-residential space denotes noisy areas such as underground garage or machine rooms. 

 
In the past residential partition walls were generally built of solid bricks in China, characterized by 

massiveness and soundproofing. However, due to the requirements for energy efficiency, lightweight 
walls have become more and more popular, leading to deterioration in sound insulation. Based on the 
test results we gathered in the past few years, 200mm~250mm partition walls built of hollow blocks 
and plastered on both sides, which are common in high-rise buildings, can reach the DnT,w+C value 
above 45dB in compliance with present basic requirement. Inhabitants, nevertheless, feel dissatisfied 
with such performance and complain that it is easy to hear the talking or other activities from next door. 
Therefore, minimum allowable values for Rw+C of partition walls, as well as associated DnT,w+C 
between units, are both raised by 3dB, in order to better insulate against neighborhood noise. 

Besides, the limit values for exterior windows are also raised by 5dB, with the aim of protecting 
against outdoor noise. Since there is no limitation for site test results of exterior walls or windows in 
present standard, and allowing for the difficulty in checking the wall and window separately, the 
combined sound insulation requirements for exterior walls installed with window are introduced to 
provide the criterion for quality acceptance. 

2.4 Impact Sound Insulation 

The impact sound insulation requirements for floor slab are presented in Table 5. The basic 
requirements in bold are compulsory provisions and should be strictly implemented, while the higher 
requirements are conditional recommendation for upscale housing. 

Table 5 – Impact sound insulation requirements for floor slab 

Building elements Indicators 
Basic requirements 

[dB] 

Higher requirements 

[dB] 

Floor slab 
Ln,w (laboratory test) <75→<70 <65→<60 

L′nT,w (field test) ≤75→≤70 ≤65→≤60 

Note: In case of difficulty, limit values could be relaxed to 85dB only if there is room for 

further improvement in impact sound insulation. 

 
There are two main changes in the impact sound insulation requirements. Firstly, the note 

describing the conditional relaxation of limit values is now withdrawn. Considering that the Ln,w of 
bare concrete floor is around 80dB, this note actually means that developers are allowed to take no 
acoustic treatment of the floor. Surely the room for maneuver was reserved on account of economic 
and technical reasons during the last revision. However, as soundproofing solution is progressing and 
becomes affordable nowadays, it is time to remove this non-binding provision. Meanwhile, all the 
limit values are now 5dB stricter than before, enforcing developers to improve the impact sound 
insulation of floor by necessary means. 

3. CONCLUSIONS 
Protecting against noise is a long campaign. Allowing for the national conditions, we haven’t made 

radical revisions to the current GB 50118, and yet this is a step in the right direction. Critical 
requirements for noise and sound insulation have been tightened, for the purpose of enforcing 
developers and manufacturers to pay more attention to the noise and vibration control, and creating a 
healthier acoustic environment. 

It should be noted that all the limit values presented in this paper are cited from the exposure draft. 
The final version is supposed to be officially issued in autumn, and further amendment might be 
adopted depending on the review comments. 
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1. INTRODUCTION 

 

The acoustics community has struggled for many years to find a completely acceptable assessment 

of noise annoyance.   Following a long history of research using alternative definitions and 

assessments of the concept, a concerted international effort eventually resulted in standardized 

definitions.  These were first published in 2001 by the International Commission on Biological 

Effects of Noise (ICBEN)
1
 and were then adopted as an international technical specification ISO/TS 

15666:2003(E) on the assessment of noise annoyance in social surveys
2
 (last reviewed and 

confirmed in 2017).  

They were designed to overcome the previous huge variety of inconsistent and incompatible 

annoyance scales.  Previously, there was only limited or no comparability between the results of 

different studies using different scales
3
.  

The ICBEN question for the assessment of noise-induced annoyance, available in 9 languages in 

the original version, is as follows. The ICBEN offers 2 different answer scales to this question, 

which can be queried separately or together in a survey (ICBEN recommends to use both scales  

because there was no consensus as to which was ‘best’): 

 

 A 5-point verbal scale, recommended for contexts of communication with policy makers:  

 

“Thinking about the last (… 12 months or so…), when you are here at home, how much 

does noise from (… noise source…) bother, disturb, or annoy you?” 

“extremely”, “very”, “moderately”, “slightly”, and “not at all”
1
 .  

 

 An 11-point numeric scale, recommended for research purposes, as it is suitable for 

multivariate statistical methods: 

 

“Next is a zero to ten opinion scale for how much (..source..) noise bothers, disturbs or 

annoys you when you are here at home. If you are not at all annoyed choose zero, if you 

are extremely annoyed choose ten, if you are somewhere in between choose a number 

between zero and ten. Thinking about the last (..12 months or so..), what number from 

zero to ten best shows how much you are bothered, disturbed, or annoyed by (..source..) 

noise?” 
1
. 

 

Probably the main justification for developing these standard annoyance scales was the problem of 

comparing the results of different surveys where people had been asked to report their response to 

community and environmental noise, but in different ways and with different wordings in 

questionnaires, and this is notwithstanding uncertainties arising from questionnaires written and 

administered in different languages. Previous to the widespread introduction of standardised 

measurement scales, various attempts to devise common, ‘harmonised’, dose or exposure – response 

relationships had all been subject to effectively unknown degrees of uncertainty in terms of the 

measurement of both noise exposure and individual response to that exposure. It was anticipated that 

by using standardised response scales as above, at least one source of uncertainty could be removed.  

346



 

 

The present authors’ more recent experience has, however, convinced us that at least part of the 

supposed benefit of using the ICBEN standardised scales of noise annoyance has been largely illusory. 

A good example of this is the continuing differences between the findings obtained in community 

noise research carried out using the ICBEN standardised scales, and any resulting technical debates 

regarding the most appropriate relationships to be used in predictive modelling and assessment. See 

for example the different levels of community annoyance demonstrated in surveys of populations near 

airports around the world reported by Guski et al and summarized in Figure 1
4
. 

 

 
Figure 1 - calculated %HA.Scatterplot and quadratic regression of the relation between L and the 

calculated % HA for 12 aircraft noise studies, together with ERFs by Miedema and Oudshoorn
5
, (red), 

and Janssen and Vos
6
, (green). Notes: (1) The size of the data points corresponds to the number of 

participants.  

 

 

Possible (or hypothetical) explanations for these differences include the following; 

 Respondents to different noise surveys conducted at different times and different places 

exhibit fundamentally different responses to community and environmental noise.  

 Differences in acoustic factors present when conducting research in different places and at 

different times contribute to observed differences in findings.  

 Response measurement instruments deployed in different noise surveys, even though 

standardised (e.g. ISO standard questionnaire items) are not actually measuring the same 

things in different surveys. 

 

The ‘true explanation’ if there is any such thing, is likely to be a combination of all three hypotheses 

set out above.  Not all readers will necessarily be aware of these ‘difficulties’ and consequently, each 

hypothesis may require an element of further explanation as set out below.  

 

2. UNDERSTANDING VARIATION IN ANNOYANCE RESPONSES 

2.1 Individual differences in response 

Apart from the fact that normal healthy people (not suffering from any disease or significant 

sensory impairment) are (generally) rather more similar than they are different physiologically, and are 

therefore likely to possess similar auditory capabilities, there are no particular reasons why they 

should all have the same attitudes and opinions when faced with different situations.  In fact, it is well 

known that different people have different preferences, both aesthetically and socially, and are likely 

to be more or less satisfied with different situations. These differences become increasingly important 
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when considering the possible adverse health effects of chronic stress associated with negative 

attitudes to community and environmental noise.   

Potential explanations for these differences are offered in many studies of noise annoyance based 

on, or at least echoing the transactional model of stress and coping, developed by Lazarus
7
. Such 

studies have identified certain precursors as well as implications and consequences, of noise 

annoyance models, all of which are integrated into a coherent model, which reflects both theoretical 

explanations and empirical findings of the Lazarus model.  

 

 

Figure 2 - Transactional model of stress and coping according to Lazarus and Folkman
7,8

  

 

In the transactional model stress is explained as the result of an interaction between environmental 

and personal factors. Special importance is attached to the subjective evaluation of  both the stressor 

and a person’s individual resources. Lazarus describes stressors as, "demands made by the internal or 

external environment that upset balance, thus affecting physical and psychological well -being and 

action to restore balance"
7
. 

When a person is exposed to a stressor, initially - consciously or unconsciously - an interpretation 

of the stressor takes place (primary appraisal). The model suggests that if this is judged as positive or 

irrelevant, no stress will occur. However, if the stressor is classified as dangerous, it  is potentially 

stress inducing. It can then be:  

 

 a challenge, if the situation seems manageable,  

 a threat, if there is potential future harm or  

 harm/loss, when harm has already occurred 

 

In all of these potentially stress-inducing situations, according to the model, there will be another - 

again conscious or unconscious - assessment of whether the situation can be overcome with available 

resources (secondary appraisal), that is, an assessment about the person’s control over the stressor. 
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These evaluation processes do not necessarily have to happen consecutively; they can also take place 

simultaneously and interact with each other. The resources can be within the person (e.g. physical or 

mental) as well as externally available options (e.g. social or material).  

If the available resources are rated as insufficient for the given stressor, a stress response is 

triggered. Stress, in turn, provokes coping processes to reduce stress.  Depending on the person's 

feelings about controllability, these mechanisms can either address the problem or the emotions:  

 In the case of perceived control there will be problem-focused coping, aimed at 

reducing/changing the problem or the stressor itself, including strategies like generating 

alternative solutions or learning new skills to deal with the stressor.  

 In the case of little or no perceived control there will be emotion-focused coping, aimed at 

reducing negative emotions, including strategies like avoiding, acceptance, selective 

attention, venting anger, and substance abuse. 

 

After the coping attempts, a reappraisal of the stressor and the resources takes place. For example, 

after a reappraisal, a former threat might be rated as a non-stress-inducing challenge. After the 

reappraisal, if necessary, further efforts to cope take place. 

Therefore, according to this model, decisive for the development of stress are the cognitive 

assessment processes and, in particular, the assessment of available resources. Stress, then, is the 

result of a complex interactive process between a person and the environment, with a perceived 

imbalance between the perceived threatening or dangerous requirement of the environment and the 

perceived resources. The experience of ‘stress’ may vary considerably between different individuals in 

different situations. 

As stated above, many models of noise annoyance are based on Lazarus' transactional model of 

stress and coping. As one of the first, Stallen specified a corresponding specific noise annoyance 

model. Many of the models proposed later are essentially extensions or slight modifications to 

Stallen's model
9
. 

As an example, Figure 3 shows the central part of the model by Schreckenberg et al
10

 (the complete 

model also contains sleep, health, and environmental quality of life-factors), which is the most recent 

model modification. 

 

 

Figure 3 - Model of noise annoyance according to Schreckenberg et al
10

 

In this model - just as in the other models of noise annoyance - the environmental stressor a person 

has to deal with is, of course, sound. The stress response is somewhat loosely described as annoyance. 

It results, analogous to the model of Lazarus, from an interaction of the appraisal of the threat of the 

stressor (primary appraisal) and the appraisal of the resources to face or cope with the threat 

(secondary appraisal). 

Stallen points out that in the context of noise annoyance primary appraisal can be understood as 

perceived disturbance and secondary appraisal as the extent of the perceived control of the sound or 

noise situation
9
. 
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Perceived control plays a central role in the emergence of noise annoyance. It may have mental, that 

is cognitive and affective, components (e.g. the predictability of future sound exposure), as well as 

behavioural components (e.g. the ability to alter exposure). 

The meaning and significance of perceived control applies equally to all models of noise annoyance 

found in the literature, and has moreover also been underpinned by many empirical findings.  Most 

importantly Stallen emphasises that the various components of perceived control can never be 

completely subjective: "To a large extent perceived control is rooted in how noise is managed in 

practice by the source". Thus, he identifies the management of sound levels (in addition to the 

actual sound level) as important determinants of noise annoyance
9
. 

Coping has a dual meaning and function in the noise annoyance models based on Lazarus. On the 

one hand, it is to be understood as a strategy to deal with experienced stress. In this sense, coping can 

- analogous to Lazarus' original model - be both problem-focused (e.g. acquiring sound insulation 

measures to minimize the impact of the stressor on the person) and emotion-focused (e.g. mindfulness 

exercises to reduce perceived stress). On the other hand, the state of the successfully achieved 

overcoming of stress is called coping, too. 

Coping is seen as a process of reappraisal of the person-environment situation, that is, in Stallen’s 

words “a matter of mental (cognitive and/or emotional) change including the formation of new 

behavioural intentions and (…) the undertaking of correspondent actions”
9
. At this point, "non-noise 

related characteristics of the person or environment" become particularly relevant. These are discussed 

in Section 2.3 below.   

Stallen’s work and later work by others help explain why individual annoyance responses to 

so-called ‘overall’ noise and ‘specific’ noise often bear no obvious relationship whatsoever. It is not 

unknown for individuals to describe or report their home environments as being generally ‘quiet’ and 

pleasant places to live, even if, when answering a different questionnaire item, they might report 

aircraft noise as ‘very annoying’, or less frequently, vice versa.  In qualitative, open ended, research, 

respondents will often report aircraft noise as ‘very annoying’ while at the same time claiming that 

they have ‘got used to the noise’ and hardly notice it for most of the time.  Which is the most relevant 

response for predicting annoyance stress related health effects? In such cases, when the respondent 

reports that the aircraft noise is ‘very annoying’ do they mean that the aircraft noise itself has some 

property of being very annoying (but that it hasn’t actually had that effect on them as individuals), or 

do they mean that they themselves are very annoyed.  These are two entirely different concepts and 

cannot be distinguished simply from the data obtained by using standardised questionnaire formats. 

There have been situations where people have reported noise as being annoying even at times of day 

when they are not personally present and thereby exposed to the noise.  We can speculate as to why 

this happens, but the only way to find out is to actually ask people, and even then they might not have 

thought about it and don’t actually know themselves.  

 

2.2 Acoustic factors 

Most situations vary across a wide range of different physical or objective acoustic factors present, 

and by no means have all, or even many of, of these factors been properly reflected by whatever 

acoustic metrics have been deployed in research.  For example, the current and largely administrative 

consensus for the increasingly widespread adoption of LAeq and Lden type acoustic metrics, while 

beneficial for standardisation and comparison purposes, should not be accepted as a basis for assuming 

that these metrics represent anything other than long-time average acoustic intensity, with 

standardised weightings and adjustments, at any specific measurement location under the specific 

conditions pertaining at the time of measurement. Actual noise exposure can vary in terms of different 

time of day distributions, and also in terms of the representativeness of any particular day for any other 

day, or average day. 

Repeating such measurements at different times and at slightly different locations will usually 

obtain at least slightly and often significantly different results.  Averaging over larger measurement 

samples reduces variance and may be understood as increasing the stability of the measurement, but in 

reality it simply conceals uncertainty.  If people were completely static, like trees, it might be possible 

to devise long time measurement programmes that obtain data representative of actual exposure, but  in 

practice, standardised outdoor measurements (and associated noise models) are not particularly 

representative of individual noise exposure at all.  People spend different amounts of time indoors 

and outdoors, and often spend a considerable proportion of the day somewhere else entirely.  
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Measuring personal noise ‘dose’ using dosimeters can provide much more representative data for each 

particular individual’s exposure, but practical experience shows that dosimeter data is poorly, if at all, 

related to standard measurements of outdoor community and environmental noise.  

In addition, and in many situations, adopting different weightings and ‘adjustments’ from those 

arbitrarily defined in standard acoustic metrics will often result in different outcomes. It should be 

noted that the available evidence to support the use of for example; the A-frequency weighting; 

so-called energy averaging; and even the various time of day weightings specific to Ldn and Lden, is 

in fact limited and even controversial in some applications.   

Possibly an even bigger problem would be caused by any attempt to adjust physical (or objective) 

measurements for so-called non-acoustic factors arising from differences not amenable to short -term 

physical measurement, such as general attitudes towards the noise source and/or whichever 

organisation or institution is responsible for the noise and/or it’s regulation and management.  An 

interesting variation of this problem arose several years ago, when in a large scale government 

sponsored survey of reported attitudes to aircraft noise in the UK, average reported annoyance was 

higher than expected on the basis of previous research, and it was suggested by peer reviewers that this 

could have been a consequence of dissatisfaction with the regulator or the regulatory procedures rather 

than actual chronic annoyance, and that possibly perversely, this was not evidence that the results of 

the previous research had been in any way called into question (see 
11

 for full list of ANASE 

documents).  

2.3 Individual and community response 

Acoustic metrics, no matter how many associated physical or acoustic factors are taken into 

account, are not measurements of individual or community response no matter how strong any 

statistical relationship exists between them. Disregarding human chronic and acute health effects 

(which is effectively another topic entirely) human response can only be measured, or possibly 

observed, directly from observations of human behaviour or by means of subjective questionnaires.  

Preliminary investigations of human behaviour have not shown much sensitivity to community and 

environmental noise levels, and have largely fallen out of use.  Most research and assessment has 

therefore been forced to fall back on subjective questionnaires, leading to the ISO standard scales of 

annoyance reported earlier.  The main difficulty with the ISO standard scales is that they record no 

information about the particular way that the respondent may have understood the concept of noise 

annoyance and any strategy they might have adopted to provide a response or to adopt any kind of 

coping behaviour. Considerably more information can be obtained from individual respondents by 

means of in-depth qualitative interviews, but this technique can be equivalently compromised by 

unknown bias and expectation on the part of the interviewer.  The only solution to these problems is to 

progress slowly using both quantitative and qualitative methods, and if possible, provide meaningful 

yet still hypothetical alternatives for respondents to express preferences between.  Perhaps it should 

also be more widely accepted that it is perhaps unreasonable to expect different respondents in 

different situations to be consistent in their attitudes to community and environmental noise as much 

depends on a large number of individual differences and multiple so-called non-acoustic factors, 

which can vary considerably between different situations. 

3. CONCLUSIONS 

There is no simple solution to many of these problems and any continuing search for uniformity and 

consistency will be more or less doomed to failure. Instead, given our understanding of the stress 

response and the role of non-acoustic factors in influencing the human response to noise, it would be 

better to focus on the particular reasons for carrying out any research or assessment and then employ 

whatever measurement instruments appear to be most appropriate for that particular task.  In 

particular authorities charged with mitigating noise problems should focus on the noise management 

process itself, as this can be crucial in determining the annoyance response (see Stallen above), and 

this is often the one part of the overall situation that they can actually have any influence over. A 

management process that involves affected communities in key decisions, through appropriate 

communication and engagement procedures, is likely to result in outcomes that are more acceptable to 

communities; providing some control over the root cause of the environmental stressor and thus offer 

the potential to lower annoyance and any associated long-term health outcomes. So perhaps the goal of 

noise management should be to arrive at consensus outcomes rather than to seek to mitigate annoyance 

directly, given that the latter remains a contested concept that has provided exceptionally difficult to 
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quantify and relate to given sound stimuli.   

 

ACKNOWLEDGEMENTS 

Authors may acknowledge the support of the EU through H2020 research project ANIMA, which is 

investigating novel approaches to the mitigation of aircraft noise impacts  

REFERENCES 

1. Fields, J. M., Jong, R. G. de, Gjestland, T., Flindell, I. H., Job, R. F.S., Kurra, S., . . . Guski, R. (2001). 

Standardized general-purpose noise reaction questions for community noise surveys: Research and a 

recommendation. Journal of Sound and Vibration. 2001: 242(4): 641–679. 

2. ISO.  Acoustics - Assessment of noise annoyance by means of social and socio-acoustic surveys. ISO/TS 

15666:2003. Geneva, Switzerland. 

3. Janssen, S. A., Vos, H., van Kempen, E. E. M. M., Breugelmans, O. R. P., & Miedema, H. M. E. Trends in 

aircraft noise annoyance: the role of study and sample characteristics. The Journal of the Acoustical 

Society of America. 2011: 129(4): 1953–1962.  

4. Guski, R., Schreckenberg, D., & Schuemer, R. WHO Environmental Noise Guidelines for the European 

Region: A Systematic Review on Environmental Noise and Annoyance. International Journal of 

Environmental Research and Public Health. 2017: 14: 1539. 

5. Miedema, H. M., & Oudshoorn, C. G. Annoyance from transportation noise: relationships with exposure 

metrics DNL and DENL and their confidence intervals. Environmental Health Perspectives 2001: 109(4): 

409–416. 

6. Janssen, S.A.; Vos, H. A Comparison of Recent Surveys into Aircraft  Noise Exposure-Response 

Relationships. In TNO Report; The Netherlands Organisation for Applied Scientific Research: The 

Hague, The Netherlands. 2009, p14. 

7. Lazarus, R.S. and Folkman, S. Stress, Appraisal, and Coping. 1984. New York: Springer.  

8. Guttmann, P. Illustration of the Transactional Model of Stress and Coping of Richard Lazarus. 2016 

[Online] [Accessed on 18
th

 December 2018] 

https://upload.wikimedia.org/wikipedia/commons/2/2f/Transactional_Model_of_Stress_and_Coping_-_

Richard_Lazarus.svg  

9. Stallen, P.J.M. A theoretical framework for environmental noise annoyance. Journal of Noise and Health. 

1999: 1(3): 69–79. 

10. Schreckenberg, D.. Meis, M. and Eikmann, T. Aircraft Noise and Quality of Life around Frankfurt 

Airport. International Journal of Environmental Research and Public Health. 2010: 7(9): 3382-3405. 

11. 

https://webarchive.nationalarchives.gov.uk/20081106075800/http://www.dft.gov.uk/pgr/aviation/enviro

nmentalissues/Anase/ 

 

 

 

 

 

 

 

 

352



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Assessment of the impact of changes in noise exposure at an 
expanding airport by means of the multiple item aircraft noise 
annoyance scale (MIAS) 

Dirk SCHRECKENBERG1; Rainer GUSKI2; Julia HAUBRICH1; Jan SPILSKI3 
1 ZEUS GmbH, Germany 

2 Ruhr University Bochum, Germany 
3 Technical University Kaiserslautern, Germany 

ABSTRACT 
The Multiple Item Noise Annoyance Scale (MIAS) measures noise annoyance as a multidimensional concept 
including (1) the experience of an often repeated noise-related disturbance and the behavioural response to it, 
(2) an emotional/attitudinal response to the sound and its disturbing impact, (3) the perception of control of 
the noise situation. MIAS consists of seven items including the 5-point ICBEN noise annoyance scale and the 
sub-dimensions ‘noise disturbances’ and ‘lack of coping capacity’, each consisting of three items. Its 
psychometric properties are investigated for aircraft, road, and railway noise annoyance. In this study, we 
analyse changes in values of the sub-dimensions of MIAS for aircraft noise annoyance before and after the 
opening of a new runway and the implementation of a night curfew in communities around Frankfurt Airport. 
Previous studies have shown evidence of a shift in exposure-response relationships for annoyance in situa-
tions of changes in noise exposure (change effect). With the assessment of MIAS and its components, it can 
be identified whether the change effect is more pronounced in the ‘disturbance’ component of annoyance or 
in the lack of capacity to cope with the (new) noise situation. This improves the understanding of annoyance 
in situations of changes in noise exposure. 
 
Keywords: Aircraft noise annoyance, change effect, MIAS, ICBEN, NORAH 

1. INTRODUCTION 
Noise annoyance is a complex psychological response to noise. According to Guski and colleagues 

(1) noise annoyance comprises three elements: (i) the experience of an often repeated noise-related 
disturbance and the behavioural response to it, (ii) an emotional/attitudinal response to the sound and 
its disturbing impact, (iii) the perception of control of the noise situation. The Multiple Item Noise 
Annoyance Scale (MIAS) developed originally for the measurement of aircraft noise annoyance (2) 
aims at measuring the components of noise annoyance as defined by (1). MIAS consists of seven items 
including the 5-point ICBEN noise annoyance scale (3) and the sub-dimensions (factors) ‘noise 
disturbances’ (F1) and ‘lack of coping capacity’ (F2), each consisting of three items. Its psychometric 
properties are investigated for aircraft, road, and railway noise annoyance (2). MIAS was found to be 
a reliable, valid theory-driven measure to assess annoyance due to transportation noise.  

In this contribution, it is investigated to what extent the detailed assessment of aircraft noise annoy-
ance with MIAS is able to improve the understanding of changes in noise annoyance before and after 
an airport expansion. This is analysed with longitudinal survey data of the German NORAH study 
(Noise-related annoyance, cognition, and health) before (in 2011) and after (in 2012) the opening of 
the 4th new runway at Frankfurt Airport and implementation of a night flight curfew which both took 
place in October 2011 (4). These interventions together with further operational noise abatement 
measures and a sound insulation program have led and still lead to both increase and reductions in 
aircraft noise exposure in different communities around the airport. This, probably, leaves the develop-
ment of the individual aircraft noise exposure situation unclear (unpredictable) to individual residents. 
                                                        
1 schreckenberg@zeusgmbh.de; haubrich@zeusgmbh.de  
2 rainer.guski@rub.de  
3 jan.spilski@sowi.uni-kl.de  
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Previous studies have shown evidence of a shift in exposure-response relationships for annoyance 
in situations of changes in noise exposure (5–7), the so-called 'change effect' or excess in response. 
There is no evidence of a full adaptation to the new situation months or years followed by a change in 
noise exposure. Brown and van Kamp (6) discuss different explanations for the change effect. Accord-
ing to them, no accepted and evidence-based view on a single mechanism for the explanation of the 
change effect could be identified. Some explanations could be rejected due to insufficient evidence. 
The remaining plausible explanations fall into three categories: (1) changes in factors modifying the 
exposure-response relationship in the context of noise exposure changes, (2) methodological artefact 
of a different criterion for the use of the annoyance response scale in steady-state versus changing 
exposure situations and/or at different levels of noise exposure, and (3) retention of coping strategies 
after a change in exposure.  

The third category of explanations for the change effect goes back to Raw and Griffiths (8), who 
studied the impact of changes in road traffic noise on noise responses. Although they found a 
significant change effect (excess) also on interferences, this effect was less evident than for the 
judgments of annoyance or dissatisfaction. In their model Raw and Griffiths postulate that, when the 
noise exposure changes, the coping behaviour partly retains and does not fully change to those 
appropriate for the new exposure situation. They explain the absence of adaptation in annoyance with 
a rapid process of (de-)sensitization to the (less) aversive component of the sound after the change in 
exposure. Raw and Griffiths argue that both, the judgment of the interfering effects of noise and of the 
aversive components of the sound are included in the annoyance ratings. That is, any change in coping 
behaviour would "chronically lag behind sensitization" ((8), p. 52) which hampers the adaptation of 
annoyance judgments to the new exposure situation.  

Whether a sensitization to the sound itself or the perception of loss of control or capacity to cope 
with the noise is responsible for the partial retention of coping behaviour or both, is unclear. At least, 
perceived control (or coping capacity) is an important contributor (9) to or, following (1), even an 
element of noise annoyance. In particular, in a situation of increasing or unclear development of noise 
exposure, it is likely that the perception of (loss of) control makes it difficult or even impossible 
('learned helplessness') (10) to change the coping behaviour appropriate to the new exposure situation.  
Therefore, it can be hypothesized that in a region around an expanding airport with several activities 
and dynamics leading to increases or decreases in aircraft noise exposure for residents of the airport 
region (a) a change effect in aircraft noise annoyance occurs, i.e. an excess response following the 
direction of the change in exposure, (b) which, according to (8), is less strong for the disturbance 
component of annoyance as assessed with MIAS and (c) stronger for the MIAS factor of (lack of) 
coping capacity. 

2. PROCEDURE, METHODS 

2.1 Study design, sampling 
For the analysis, longitudinal data of the NORAH study was used. The survey was conducted in 

2011 prior to the opening of the 4th new runway at Frankfurt Airport and implementation of a night 
flight curfew in October 2011. One follow-up was carried out the year after, in 2012. A third survey 
wave (not analysed further here) was conducted in 2013. Residents living in residential areas within 
the "envelope” of the 40 dB contours of the continuous aircraft sound levels for daytime (LAeq,06-22h) 
and night-time (LAeq,22-06h) were included in the study. A random stratified sample was drawn from the 
regional population registries in 2011, stratified by continuous aircraft sound level classes (2.5 dB 
classes of the maximum of LAeq,06-22h and LAeq,22-06h) and by predicted change in aircraft noise exposure 
for 2020 in relation to the aircraft noise exposure in 2007 (increase in LAeq,24h > 2 dB, decrease in 
LAeq,24h > 2 dB, change within the range of ± 2 dB). The survey was carried out as telephone interviews 
and optionally as an online survey with the same questionnaire. For this, the sample data was linked to 
contact information (phone numbers, email addresses) from telephone databases. 

2.2 Assessment of aircraft noise exposure 
The aircraft noise exposure was modelled for 12 months from October 2010 to September 2011 for 

the first survey wave and from October 2011 to September 2012 for the survey wave in 2012 according 
to the German calculation model AzB 2008 (11). Radar track information of flight movements in these 
periods was used as input data for the modelling. Details of the acoustic modelling of the aircraft noise 
exposure for all parts of the NORAH study are described in (12).    
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2.3 Assessment of MIAS and its elements  
With the Multiple Item Annoyance Scale (MIAS) noise annoyance (here: aircraft noise annoyance) 

is assessed as a hierarchical higher order score including the factors F1 'Disturbances due to aircraft 
noise', F2 'Lack of coping capacity' and a direct, self-reported annoyance judgment. MIAS is devel-
oped ex-post based on the NORAH survey data collected in 2013 (2).   

In the longitudinal survey, aircraft noise annoyance referring to the period of the past 12 months 
prior to the interview was assessed by means of the standardized 5-point verbal annoyance scale from 
1 (not at all) to 5 (extremely annoyed or disturbed) as recommended by the International Commission 
on the Biological Effects of Noise (3), the ICBEN annoyance scale. Furthermore, disturbances of 
activities concerning among others communication (talk or phone call, listening to radio or watching 
TV) and recovery, concentration were assessed with a 5-point rating scale similar to the ICBEN scale 
(not at all [1] to extremely [5] disturbed). These disturbance ratings form the MIAS factor F1 
'Disturbances'. The factor F2 'Lack of coping capacity' consists of three items asking the respondents 
to judge statements referring to the perceived ability to protect themselves against noise, to close the 
windows when it is too loud or to feel at the mercy of the noise. The statements were rated by means of 
a 5-point scale from 1 (agree not) to 5 (agree strongly). The components of MIAS F1, F2, and the 
ICBEN annoyance item were summarized to the MIAS score using weights for the contributing items 
as identified in a confirmatory factor analysis of the 2013 data (see Figure 1).  

 
Figure 1: Confirmatory factor analysis of the MIAS score for aircraft noise annoyance as measured in the 

NORAH panel sample at Frankfurt Airport in 2013 (n = 3508). The numbers between MIAS, the factors F1, 

F2 and the items are factor loadings. Source: (2). 

3. RESULTS 

3.1 Descriptive statistics  
A total of 3508 subjects participated in all waves of the longitudinal survey from 2011 to 2013. For 

this study, after deleting cases with missing items the sample size is n = 3459 (53.6 % female; 46.4 % 
male). In the first measurement (2011), age ranged from 18 to 96 years (M = 52.5, SD = 14.5). Aircraft 
noise exposure in terms of the day-evening-night level Lden was for all but one between 39.2 and 65.2 
dB in 2011 and between 37.9 and 63.6 dB in 2012. In one further case, the aircraft noise exposure 
increased from Lden = 61.4 dB in 2011 to Lden = 74.8 dB in 2012. Descriptive statistics for MIAS and its 
sub-dimensions in the total sample are depicted in Table 1. 

Table 2 shows the mean Lden for aircraft sound in area groups of change in Lden after the opening of 
the new runway (2012) versus before (2011). On average, Lden decreased about 3 dB (2 to 7 dB; SD = 
0.8) in the 'decrease > 2dB' group and increased about 3 dB (2 to 13 dB; SD = 1.3) in the 'increase > 2 
dB' group. The changes in Lden varied (as defined) between -2 to +2 dB (M = -0.4; SD = 1.0) in the 
group 'no change ± 2 dB'. 
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Table 1 – Descriptive statistics for MIAS and its sub-dimensions assessed before (2011) and after (2012) 

the 4th runway opening at Frankfurt Airport 
Variables N M SD Min Max 

Year   2011 2012 2011 2012 2011 2012 2011 2012 

MIAS 3459 12.23 12.32 5.02 5.18 4.44 4.44 22.18 22.18 

Annoyance (ICBEN) 3459 3.31 3.41 1.32 1.29 1.00 1.00 5.00 5.00 

F1 Disturbances 3459 6.55 6.58 3.47 3.54 2.74 2.74 13.71 13.71 

F2 Lack of coping capacity 3459 6.48 6.46 2.48 2.58 2.00 2.00 9.99 9.99 

Lden 3459 51.89 51.30 6.20 6.43 39.20 37.90 65.20 74.80 

Note. N = number; Min = minimum; Max = maximum; M = arithmetic mean; SD = standard deviation 
 

Table 2 – Change in Lden (aircraft) in dB at Frankfurt Airport after the opening of the new runway (2012) vs. 

before (2011) in area groups of change (decrease, no change, increase in Lden > 2 dB) 

Groups of change in Lden 

2012 versus 2011 

Lden (2011) Lden (2012) Change in Lden (dB) 2012 vs. 2011 

M SD M SD M SD Min Max 

Decrease > 2 dB n = 630 53.0 7.6 49.8 7.7 -3.2 0.8 -7.3 -2.1 

No change ± 2 dB n = 2518 51.6 6.0 51.1 6.0 -0.4 1.0 -2.0 +2.0 

Increase > 2 dB n = 311 52.3 3.8 55.7 4.5 3.4 1.3 +2.1 +13.4 

Total N = 3459 51.9 6.2 51.3 6.4 -0.6 1.9 -7.3 +13.4 

Note. N, n = number; M = arithmetic mean; SD = standard deviation; Min = minimum; Max = maximum  

3.2 Correlations between MIAS, its sub-dimensions and the Lden 
Table 3 presents the correlations between MIAS and its sub-dimensions as well as the correlations 

of these response variables with Lden. The correlations were calculated separately for the assessments 
in 2011, before the opening of the new runway at Frankfurt Airport and in the year 2012, after the 
opening of the runway. It turns out that the relationships are quite stable over time. In both years , 
MIAS correlates strongest with the disturbance factor F1 (r > 0.92) and somewhat lower in a similar 
range with the single ICBEN annoyance item and with the factor of lack of coping capacity F2 (r > 
0.82). With r > 0.50, F1 shows the highest correlation coefficients with aircraft noise exposure (Lden) 
among the aircraft noise response variables. With correlations coefficients of 0.46 > r > 0.48, MIAS 
and the ICBEN annoyance item correlate with Lden in a similar range. 

 
Table 3 – Correlation r between aircraft noise responses MIAS and its sub-dimensions and Lden – before 

(2011) and after (2012) opening of the 4th runway at Frankfurt Airport 

MIAS dimensions Annoyance (ICBEN) F1  F2  Lden 

 before after before after before after before after 

MIAS 0.823 0.845 0.924 0.930 0.838 0.864 0.464 0.483 

Annoyance (ICBEN)   0.719 0.747 0.587 0.650 0.476 0.465 

F1 Disturbances     0.594 0.641 0.502 0.512 

F2 Lack of coping capacity       0.243 0.306 

Note. N = 3459; p < .001 for all correlation coefficients 
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3.3 Exposure-response relationship for aircraft noise annoyance (MIAS) and its compo-
nents) before and after changes in aircraft noise exposure at Frankfurt Airport 

For MIAS and its components, Figures 2 and 3 show the results of the exposure-response analyses 
before and after changes in aircraft noise exposure at Frankfurt Airport. The results refer to the 
percentage of persons highly annoyed (%HA), highly disturbed (%HD), and perceiving high lack of 
coping capacity (%HLC). Response scores above a cut-off of 72% of the response scale indicate HA, 
HD, and HLC, respectively (13). The results can be summarized as follows: 

 %HA due to aircraft noise is lower when assessed with MIAS than with the single 5-point ICBEN 
item. This is because the percentage of persons reporting high responses to the MIAS factors F2 'Lack 
of coping capacity and, in particular, F1 'Disturbances' are lower than the percentage of those 
self-assessing their aircraft noise annoyance with the ICBEN annoyance item.  

Differences between the curves of responses in 2012 compared to the respective ones from 2011 
indicate change effects. Change effects are less pronounced in the 'no change' group (i.e., in areas with 
changes in Lden < 2 dB) and strongest in the condition of changes of Lden > 2 dB. Change effects 
in %HA differ dependent on the annoyance assessment: For aircraft noise annoyance self-assessed 
with the ICBEN annoyance item a change effect occurs in all areas and in both directions. That is, in 
the condition of a decrease in Lden after the opening of the new runway the %HA curve based on the 
assessments with the ICBEN item in 2012 is lower to the curve of the 2011 assessments, in the 
condition of no change above 2 dB Lden the %HA curve is marginal and in the condition of an increase 
above 2 dB strongly shifted up compared to the respective 2011 curve. When %HA is based on the 
MIAS assessment, no significant change effect can be found in areas with a decrease in Lden, but still a 
marginal effect in 'no change' areas and a stronger effect in areas with an increase in Lden above 2 dB.  

In line with this, compared to the curves of the 2011 assessments the %HD curves (factor F1) of 
2012 remain stable in the 'decrease' and 'no change' areas, but is shifted up in 'increase' areas, in 
particular in those with aircraft sound exposure Lden < 60 dB. Similar, in 'decrease' areas the %HLC 
curves of 2011 and 2012 are almost the same. In 'no change' areas the %HLC curve of 2012 is marginal 
above the 2011 curve, particularly in areas with Lden > 55 dB, whereas in particular in 'increase' areas 
above 50 dB in Lden the 2012 curve of %HLC is shifted up compared to the 2011 curve. 

In areas with an increase in aircraft sound exposure, the change effect decreases with increasing 
sound exposure for %HD and increases for %HLC. 

 
Change in Lden before/after new (4th) runway opening at Frankfurt Airport 

Decrease > 2 dB (n = 630) No change ± 2 dB (n = 2518) Increase > 2 dB (n = 311) 

   

 

Note. Blue/red curves: percentage (%) highly annoyed as assessed with MIAS (blue) and ICBEN item (red); violet:  
% highly disturbed; green: % perceiving high lack of control; dashed: assessments of 2011; solid: assessments of 2012. 

For better readability, limits of the 95% confidence intervals are not shown. All responses refer to aircraft noise.  

Figure 2 – Summary of exposure response relationships for MIAS and its components against Lden in groups 

of changes in aircraft sound (Lden) in 2012 after the opening of the new runway.  
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Change in Lden before/after new (4th) runway opening at Frankfurt Airport 

Decrease > 2 dB (n = 630) No change ± 2 dB (n = 2518) Increase > 2 dB (n = 311) 

%HA – MIAS 

   

%HA – single 5-point ICBEN aircraft noise annoyance 

   

%HD – F1 'Disturbances'  

   

%HLC – F2 'Lack of coping capacity' 

   
Note. Blue/red dashed curves: % highly annoyed as assessed with MIAS (blue) and ICBEN item (red) in 2011; violet, 
dashed: % highly disturbed, 2011; green, dashed: % perceiving high lack of control, 2011; grey: respective assess-

ments in 2012. Thin curves: lower/upper limits of the 95% confidence interval. All responses refer to aircraft noise. 

Figure 3 – Exposure response relationships and 95% confidence intervals for MIAS and its components 

against Lden in groups of changes in aircraft sound (Lden) in 2012 after the opening of the new runway.  
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4. DISCUSSION AND CONCLUSIONS 
With longitudinal data of a sample of 3459 participants of the NORAH study at Frankfurt Airport it 

was analysed whether the assessment of aircraft noise annoyance before (2011) and after (2012) major 
changes at the airport (opening of a new runway, implementation of a night flight ban) with the hierar-
chical higher order multiple item annoyance score (MIAS) improves the understanding of the change 
effect (excess response) in aircraft noise annoyance. The sum score MIAS comprises the factors F1 
'Disturbances due to aircraft noise', F2 'Lack of coping capacity and the single 5-point ICBEN 
annoyance item. The results indicate a change effect in terms of a shift in the exposure-response curves 
after the change in exposure (2012) compared to the situation before (2011) in particular in areas with 
an increase in aircraft sound exposure of more than 2 dB in Lden.  

This is in line with previous studies. For example, Breugelmans et al. (14) showed that after the 
opening of the 6th runway at Schiphol Airport a change effect in annoyance occurred in the group of 
residents that suffered from an increase in aircraft sound exposure (Lden). No change effect was ob-
served at Schiphol Airport in groups of a decrease or no change in Lden.  

In this study, the change effect is higher for aircraft noise annoyance as assessed with the single 
5-point ICBEN item compared to the annoyance assessment by means of the MIAS score. There is low 
evidence of a change effect, particularly for the 'disturbance' part of MIAS, whereas, at least in areas 
with no change or an increase in aircraft noise exposure, a change effect is observed in the factor 'lack 
of coping capacity', which increases with increasing degrees of aircraft noise exposure.  

A previous analysis of the NORAH panel data (4) had already shown that in the 'increase' condition 
the change in aircraft noise annoyance as assessed with the ICBEN item is not explained by changes in 
aircraft sound level after the opening of the new runway and that, instead, annoyance changes are 
predicted by coping capacity and attitudes and expectations regarding air traffic.  

In line with this, there is evidence from the NORAH study that the trust that authorities would 
endeavour to minimise the aircraft noise annoyance and aircraft noise annoyance are reciprocally 
related to each other, but that the effect size of the path from 'trust in authority' to the annoyance 
judgment one year later is higher in the change period of 2011/2012 than in the steady-state period 
afterwards 2012/2013 (15). Furthermore, it could be shown that the aircraft noise exposure and much 
more the residual change in aircraft noise exposure 2012 compared to 2011 have an impact on mental 
health-related quality of life (HQoL) beyond noise-specific responses (16). In addition, the attitudes 
and mental HQoL (as assessed with the Short Form Health Survey SF-8) correlate higher with the 
factor F2 'Lack of coping capacity' than with F1 'Disturbances (Table 5).  

 
Table 5 – Correlations r of MIAS and its sub-dimensions with trust in authority and mental HQoL (MCS) 

assessed before (2011) and after (2012) the 4th runway opening at Frankfurt Airport 
 

  MIAS Annoyance (ICBEN) F1 F2 

Year 2011 2012 2011 2012 2011 2012 2011 2012 

Trust in authority -0.449 -0.464 -0.382 -0.430 -0.370 -0.382 -0.434 -0.451 

MCS – mental HQoL -0.291 -0.328 -0.180 -0.254 -0.249 -0.288 -0.300 -0.316 

Note. For all correlation coefficients p < .001; n = 3420-3459. MCS = SF8 mental component summary. 
 

Altogether, this indicates that, in particular when the aircraft noise exposure increased, this 
threatens the perceived control and the trust in others perceived as responsible for improving or at least 
not worsening one's own residential situation and this, again, seem to have an impact on individual's 
well-being in general. This might explain the change effect even when it is not or less observed in 
disturbances of activities due to aircraft noise.  
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ABSTRACT 
The Miedema & Vos curve for predicting road traffic noise annoyance was based on 18 different surveys 
conducted over a period of 9 years. The curve was developed using a statistical regression technique. An 
extended analysis comprising 46 surveys conducted between 1969 and 2013 yields a very similar 
dose-response relationship. This analysis was based on the CTL method (Community Tolerance Level). 
There are no obvious temporal trends, and contrary to claims by other researcher the prevalence of highly 
annoyed residents exposed to road traffic noise today is the same as 45 years ago.  
 
Keywords: Noise annoyance, road traffic, temporal trends 

1. INTRODUCTION 
In recent years several researchers have published articles claiming that annoyance due to 

environmental noises have increased. In other words, the prevalence of highly annoyed people today is 
higher than it was 25 or 50 years ago (1). As a consequence, The World Health Organization, WHO, 
last year presented new noise guidelines for Europe recommending lower exposure limits  for both 
aircraft and road traffic noise in order to avoid adverse health effects (2). These recommendations were 
based on results from noise surveys published after 2000.  

Gelderblom et al. have published a comprehensive analysis of 62 social surveys on aircraft noise 
conducted between 1961 and 2015, that shows there has been no change in people's reaction to this 
type of noise (3).  

In this paper a similar analysis will be conducted of results from surveys on road traffic noise. The 
CTL method (4, 5) is a very convenient tool for this type of analysis. The method, further explained in 
the international standard ISO 1996-1 (6), provides a single number characterization of a noise 
situation, a CTL value, that defines a complete dose-response curve, from 0% to 100% highly annoyed. 
Differences in people's reaction to various noise situations can therefore be discussed in terms of 
differences in CTL values. 

2. RESULTS FROM PREVIOUS SURVEYS 
Forty-seven surveys of annoyance from road traffic noise conducted over the past five decades 

were identified for which sufficient information was available to calculate their CTL values. The 
surveys included in this analysis is shown in Table 1. The reference codes refer to the catalog by 
Bassarab et al. (7).  

 
Table 1. Data from 47 surveys of road traffic noise annoyance 

 
Study year Location Reference Respondents CTL value [dB] 

1969 Paris area FRA-041 700 79.6 

1971 Basel SWI-053 3939 81.6 

1972 Copenhagen area DEN-075 960 77.3 

1972 London area UKD-071 2933 77 

1974 Dordrecht NET-106 383 68.6 

1975 Antwerp BEL-122 1319 85 
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1975 Amsterdam, exp. NET-258 622 80.3 

1975 Western Ontario CAN-120 1150 74.6 

1975 Toronto area CAN-121 1786 87.6 

1976 Brussels BEL-137 495 81.3 

1976 Sweden 3 cities SWE-142 1377 85.3 

1976 Gothenburg SWE-165 464 92 

1977 Germany, 26 areas GER-192 1080 77.6 

1977 London area UKD-157 1363 78.3 

1978 Canada, 4 sites CAN-168 965 78.6 

1982 GB, 5 sites UKD-242 2097 77.3 

1983 Neth. 3 cities NET-276 798 69.6 

1984 France, 4 sites FRA-239 1032 84.6 

1984 Schiphoel NET-240 581 75.3 

1984 Arnhem NET-362 1322 75 

1984 Glasgow UKD-238 608 78.3 

1985 Germany, 2 cities GER-372 564 82 

1987 Germany, Ratingen GER-373 516 74.6 

1989 Austria, Alpine AUS-329 1989 69.3 

1990 Italy, Modena ITL-350 908 73 

1993 Multi area NET-361 4038 78.3 

1993 France, 15 sites FRA-364 895 78.3 

1995 Istanbul, motorway TRK-367 154 74.3 

1996 Gothenburg, detached SWE-368 436 68.6 

1996 Gothenburg, apartment SWE-368 706 78.3 

1996 Kumamoto, detached JAP-369 378 74 

1996 Kumamoto, apartment JAP-369 458 75.3 

1997 France, 61 sites Cremezi et al. (8) 673 81.3 

1997 Sapporo, detached JAP-382 411 76.3 

1997 Sapporo, apartment JAP-382 369 76 

2000 Sweden, 2 cities SWE-526 956 78.3 

2002 Copenhagen  DEN-529 1149 86 

2005 Hanoi Shimoyama et al (9) 1503 78.3 

2006 Alpine motorway Lercher et al. (10) 3630 75.1 

2006 Alpine main road Lercher et al. (10) 3630 72.3 

2007 Ho Chi Minh Shimoyama et al (9) 1471 84.3 

2009 Hong Kong Brown et al. (11) 10077 82 

2011 Da Nang Shimoyama (9) 492 88.3 
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2012 Hue Shimoyama (9) 688 92 

2013 Swiss German  Brink (12) 2386 76.3 

2013 Thai Nguyen Shimoyama (9) 813 85 

2015 Switzerland Brink (13) 5431 78.3 

 
 

2.1 Analysis 
The surveys listed in Table 1 comprise interviews with more than 70,000 respondents. The grand 

mean CTL value for these studies is LCT 78.7 dB. The dose-response curve associated with this CTL 
value is shown in Figure 1 together with the current EU reference curve for road traffic noise. The CTL 
curve under-estimates the annoyance at low exposure levels compared with the EU reference curve and 
indicates slightly higher prevalence of annoyance at high exposure levels.  
 

 

Figure 1. Comparison of the average dose-response function for 47 surveys of road traffic noise 
annoyance (CTL value 78.7) and the current EU reference curve. 

The CTL value for 47 individual surveys has been plotted as a function of study year in Figure 2. 
The difference between the highest and lowest value is about 25 dB. The difference in CTL value 
between the various surveys can be attributed to non-acoustical factors. One such factor could be a 
temporal trend factor.  

A linear regression function has been fitted to the dataset. This line is almost horizontal with a 
positive slope of only 0.032 dB/year. This indicates that the average response has been quite stable 
across the relevant time period. A positive slope means that the annoyance is decreasing.  

The EU reference curve established by Miedema and Vos (14) was based on 18 different surveys, 
the last one being conducted in 1993. If the dataset is split in a pre- and post-1993 part, the average 
CTL value for 26 pre-1993 surveys turns out to be LCT 78.5 dB and the corresponding value for the 21 
post-1993 surveys is LCT 79.0 dB. The difference from the grand average of LCT 78.7 dB is negligible.  

Guski et al. have analyzed a set of road traffic studies published from 2000 and onwards (1). The 
dataset comprises studies conducted from 1996 to 2013. They conclude that the annoyance has 
increased compared with earlier studies. Their work was part of a World Health Organization initiative 
to establish new recommendations for exposure to environmental noise. Unfortunately, the conclusion 
by Guski et al. was based on a set of incompatible survey results, see paper by Gjestland (15).  
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Figure 2. CTL values for 47 surveys on road traffic noise conducted between 1969 and 2015. The 
dotted line is a linear regression function fitted to the data. 

The average CTL value for the post-1996 studies in Table 1 is LCT 80.0 dB. The difference from the 
grand average is not significant, but a higher CTL value indicates a lower prevalence of highly 
annoyed. In other words, the average annoyance found from recent studies seems to be lower, not 
higher, than for earlier ones.  

3. CONCLUSIONS 
 
Detailed analysis of the results from 47 surveys of annoyance from road traffic noise conducted 

over the last half a century shows that there is a relatively large spread in the response data. The same 
degree of annoyance can be found for noise exposure levels that differ by as much as 25 dB. Such 
differences are attributed to non-acoustical factors.  

A plot of CTL values as a function of survey year shows that there has been vi rtually no change in 
the average annoyance response over the past 45 years. A linear regression line fitted to these data is 
practically horizontal, indicating that the prevalence of highly annoyed people today is the same as 
forty-five years ago. The exposure-response curve established by Miedema & Vos in 1998 seems to 
give a reasonably good description of the average annoyance response. Thus, the new recommendation 
from WHO regarding road traffic noise is not supported by existing evidence.  
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ABSTRACT 
It is said that in the concept of annoyance of noise, non-acoustic factors are involved as well as physical 
factors of sounds.  Annoyance is often investigated in social surveys at the places where the respondents 
spend their daily lives.  Since many factors may have effects on annoyance responses, it is difficult to find 
the effect of each factor in social surveys.   Though laboratory situation is different from daily life, 
laboratory studies have merits that various parameters are precisely controlled.  In order to study 
annoyance of noise in laboratory experiments, it is important to create new ideas.  The authors and their 
colleagues tried various laboratory studies of annoyance of noise by developing new methods and 
controlling the experimental procedure.  The study of annoyance of noise in laboratory experiments will 
be introduced in this paper. 
  
Keywords: Annoyance, Laboratory study 
 

1. INTRODUCTION 
 

Loudness, noisiness and annoyance are the terms often used in the research into the subjective 
impression of noise.  The definition of these three terms has been often discussed, but the discussion has 
not reached the final decision of the definition.  In this paper, the authors would like to follow mainly the 
definition described in the Dictionary of Acoustics (1).  The loudness is an attribute of sensation related to 
the intensity of sound.  Noisiness is the term to express the unpleasant impression related to physical 
properties of sound itself.  Annoyance is affected by non-acoustic factors such as human relationship and 
fear that the sounds may bring, e.g. traffic accidents, as well as physical properties of the sounds.  
Therefore, annoyance is not always related to sound level.  Even low level sounds that are scarcely 
audible may cause annoyance.  

There are many social surveys where annoyance caused by noise is examined (e.g. 2-4).  Social 
surveys have a merit that the feeling of residents can be obtained in their daily life situations.  However, 
many factors are involved in the responses and they cannot be estimated or predicted.  Also there is a 
possibility in questionnaire surveys that the respondents may answer the questions on the basis of the ideal 
or false attitude due to self-defense mechanism and that it may be difficult to obtain their true intention.  
On the other hand, many factors can be precisely controlled in the laboratory experiments. However, even 
if the experiments are conducted in a laboratory that is simulated to a living room or a bed room at home as 
much as possible, they are different from the place where they spend every day.  Therefore, it is necessary 
to design the experiments carefully, for example, developing new methods and preparing new stimulus 
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conditions in order to examine annoyance in laboratory experiment.   In this paper, trials of the laboratory 
experiments conducted by the present authors with their colleagues to examine annoyance are introduced 
and reviewed to make clear the properties caused by sounds. 

 

2. LABORATORY EXPERIMENT OF LOUDNESS, NOISINESS AND ANNOYANCE 
USING ACTUAL AND SIMULATED SOUNDS 
 

When actual sounds are used in the experiment, cognition of the sound sources may have an effect on 
judgment.  In this experiment, actual sounds and sounds whose level-fluctuating patterns were simulated 
to actual sounds were used in order to examine the effect of cognitive meanings of sounds on the judgment 
(5). 
 

2.1 Procedure 
Nine kinds of environmental noise were used.  They were aircraft noise, super-express train noise, 

ordinary train noise, road traffic noise, speech, music, impulsive noise, artificial level-fluctuating noise and 
pink noise.  Four levels of each sound source were used.  Therefore, in total 36 sounds were used as 
stimuli.  These are actual sounds recorded in various places in Osaka, Japan and the participants could 
identify what were the sound sources.  The duration of these sounds were about 10 s except for impulsive 
sounds whose duration was about 1 s.  In another session, pink noise was used as carrier and the level 
patterns were simulated to the 36 actual sound sources using Programmable Sound Control System II in 
Osaka University.  Therefore, the participants could not identify the sound sources. 

Magnitude estimation was used in the experiment. There were two sessions.  In session 1, actual 
sounds were used and the participants were asked to judge loudness, noisiness and annoyance of each 
sound.  In session 2, simulated 36 sounds were used and as in session 1, participants were asked to judge 
loudness, noisiness and annoyance.  All six kinds of judgment were conducted on different days.  No 
special explanation was given about the terms of loudness, noisiness and annoyance.  The 36 sounds were 
presented in random order. 

Eight Japanese participants aged between 18 and 21 joined in the experiments conducted in Osaka 
University, Japan.  Eight German participants aged between 25 and 41 joined in the experiments 
conducted in Technical University of Munich in Germany.  All had normal hearing ability. 

Additional supplementary survey was conducted in Japan. 
 

2.2 Results 
Examples of the results are shown in Figures 1 and 2.  There were differences in the judgments of 

loudness, noisiness and annoyance in session 1 where actual sounds were used.  Clear differences can be 
seen among the judgements of loudness, noisiness and annoyance.  This may be due to the cognitive effect.  
This was confirmed by the result of supplementary survey.  On the other hand, in session 2, where the 
sound sources could not be identified, there were little differences among the judgment of loudness, 
noisiness and annoyance except for the judgment of impulsive sounds whose duration were short and 
underestimated compared with the other sound sources.  These results suggest that identification of the 
sound sources have an effect on the impression of the sounds, especially strong effect on annoyance.  
Similar results were obtained with German participants except for a little overestimation of level 
fluctuation by German participants. 
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Figure 1. The results of loudness, noisiness and annoyance judgments with Japanese participants using 
actual sounds (5).  

 
 

 
Figure 2.  The results of loudness, noisiness and annoyance judgments with Japanese participants using 
simulated sounds.  There were little differences among the three judgments except for impulsive noises 
(5). 
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2.3 Summary 

The result suggests that the judgments of loudness, noisiness and annoyance are affected whether the 
sound sources are identified or not.  Especially it was found that cognitive effect is great on annoyance 
judgment. This suggests that annoyance response cannot be estimated by physical parameters alone.  
 

3. EXPERIMENT USING THE METHOD OF SUBJECT-INTERRUPTED NOISE 
SOURCE  
 

When people are severely annoyed by noise, they may possibly escape from it or claim the person who 
makes noise. “The method of subject-interrupted noise source” is the method that has been developed by 
the authors with their colleagues so that annoyance responses as escape behavior from the sound source can 
be examined in the laboratory experiment by simulating situation to that of real life (6). 
 
3.1 Procedure 

A mental task was imposed on participants during the experiments.  The task was to mark cards for the 
analysis of a social survey in session 1 and to check the cards marked by other participants in session 2.  
Since the marking was checked by others, the participants were motivated to do the task carefully.  Four 
participants joined the experiment at a time, but conversation was prohibited.  In total 52 females aged 
between 30 and 45, participated in the experiment.   

Various sounds audible in daily life were presented during the experiments.  While performing the 
mental task, the participants were asked to judge the instantaneous noisiness, using the method of 
continuous judgment by category (7, 8).  A response box for the continuous judgment was placed at the 
side of each participant. 

The participants were also instructed that they could interrupt the noise when it became very disturbing 
by pressing another, separate button, which was located close to the experimenter.  In order to press this 
button, the participant had to walk to the place where the button was placed and press a button on which her 
name was indicated. This made the participants to hesitate to press the button. The action of pushing the 
button suggests that the sound could not be tolerated. A record was kept of when the button was pressed.  
In session 1, after the noise had been interrupted, it was not presented again, whereas in session 2, it was 
presented again, at a low level, five minutes after the button had been pressed. Noise problems tend to 
become serious when a person continues to make noise in spite of the claim from his/her neighbor.  This 
situation was simulated in the session 2.  A questionnaire survey was conducted with the participants in 
order to examine the relation between the results of the experiment and their sensitivity to noise, attitudes 
towards noise, etc.  The duration of session 1 was 90 m and that of session 2 was 80 m.  The experiment 
was conducted in a sound proof room and sounds were presented through loudspeakers located behind the 
screens. 
 
3.2 Results 
 (1) Relation between interruption of noise and instantaneous noisiness. 
The average evaluation of the category in instantaneous noisiness was 6.7 on the seven-point scale just 
before the interruption of noise.  This indicates that participants perceived the noise as being very noisy 
when they took action to interrupt it. 
 (2) Relation between interruption of noise and accomplishment of task.   
Not all the participants pressed the button to interrupt the noise.  In the group who pressed the button 
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(abbreviated “off-group”) the amount of cards marked was on average 195 cards, on the other hand, in the 
group who did not press the button (abbreviated “not-off-group”) the average was 254 cards.  This fact 
suggest that the “off-group” were disturbed by the noise more seriously that the “not-off-group”. 
 (3)  Relation between interruption of noise and questionnaire survey.   
A cross-sorting was conducted between “off-group” and “not-off-group”.  As a whole, it was found that 
the “off-group” were more sensitive to, and more critical of, noise than the “not-off-group“.  For example, 
the “off-group” showed a higher percentage of affirmative answers to the following questions than the 
“not-off-group” (Figure 3).  (Q1) Have you ever been annoyed by various noises in your neighborhood?  
(Q2) Are there any noises produced in your house that may possibly annoy your neighbors?  (Q4)  Have 
you ever complained directly to your neighbors about noise?  The questionnaire also indicated that the 
“off-group” found it more difficult to tolerate and to get used to noise (Q10, 15). 
 
3.3 Summary 
The method of subject-interrupted noise source is designed to estimate the degree of annoyance by noise 

as it is indicated by behavior, without using verbal responses.  Therefore it has the advantage that it is 
objective and free from the ambiguity of verbal responses.  The results of the experiment suggest that the 
reaction of interrupting noise by pressing a button is a good index of annoyance and can review individual 
differences in the degree of annoyance.  It would be possible using this method to explore various aspects: 
(a) simulation of various social situations, (b) manipulation of human relationships among group members, 
(c) examination of the trade-off effect among noise sources, etc. 
 
 

 
 

Figure 3 Comparison between off-group and not-off-group (6) 
 

4. EFFECT OF NOISE ON SLEEP  
 

Electroencephalography (EEG) is the most effective measure to find the stage of sleep and EEG is often 
used to examine the effect of noise on sleep.  However, participants do not feel easy to sleep with many 
electrodes on his/her head. Rylander with his colleagues used the body movement during sleep as an index 
of sleep stage (9).  Recently, instead of attaching a sensor of movement to the bad, a wrist watch called 
actiwatch is used to estimate the sleep stage by body movement.  In these cases, noise is presented whole 
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night.  This may become stressful to the participants.  Also participants cannot always sleep well in a 
laboratory.   

In order to avoid these problems the authors with their colleagues tried to examine the effect of noise on 
sleep. The behavior of stopping the noise source was used as an index of the effect of noise on sleep (10). 

 
4.1 Procedure 

The participants could sleep in his/her own bedroom at home and noises were presented there with a 
mini-disk player that had an automatic reverse function.  The participants were allowed to stop the noise 
one hour after they tried to sleep if the noise was disturbing and they could not fall asleep.  If they did not 
stop the noise, the noise was presented until the next morning.  Whether they stopped the noise one hour 
after they tried to sleep was used as an index of the effect of noise on sleep. Road traffic noise, simulated 
air-conditioner noise, Karaoke songs and people’s talk were used as stimuli.  Four females and 14 males 
aged between 19 and 38 participated in the experiment. 
 
4.2 Results 

The result is shown in Figure 4.  It was found that the percentage of stopping behavior becomes higher 
as the LAeq values become higher.  Also the meaning full noises are disturbing even if the sound level is 
low. 

The results suggest that annoyance of noise can be examined by the behavior whether they stop the 
noise one hour after they try to sleep.  This method has a merit that the participants do not need to be 
exposed to noise whole night. Using this method, it would be possible to examine what kinds of noises are 
disturbing to sleep and that sound level is not the only factor of sleep disturbance. 

 
 

 
Figure 4.  Relation between LAeq and the percentage of participants who switched off the sound one hour 
after they tried to fall asleep (10).  Blue circles indicate road traffic noise and simulated air-conditioner 
noise.  Red diamonds indicate Karaoke songs and people’s talk.  The meaningful sounds had a great 
effect on sleep regardless of the sound level.  Coefficient of correlation was calculated excluding these 
two sounds. 
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5. FINAL REMARKS  
 

Annoyance is related various non-acoustic factors as well as physical acoustic factors.  Therefore, it is 
not easy to examine annoyance using verbal response in laboratory experiments.  However, it is possible 
to estimate annoyance by designing experimental conditions carefully.  In this paper, the following results 
were introduced.   
(1) The effect of cognition of sound sources on annoyance was made clear by eliminating cognitive factors 
with simulated noises. 
(2) Annoyance can be estimated through behavior of participants by stopping the noise.  This method can 
simulate the situation to claim or protest behavior to the person who generates noise.  Estimation by 
behavior can avoid the ambiguity of verbal responses.  Also when the effect of noise on sleep is examined, 
the participants are not always exposed to the noise whole night.  This is desirable from ethical viewpoint 
of experiments using human participants. 
 

Laboratory experiments have a merit that experimental conditions can be controlled precisely.  It can 
be estimated what factor may affect annoyance.  The findings of these examples under experimental 
situations agree with the results of many social surveys. 
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Siegbert VERSÜMER1; Jörg BECKER-SCHWEITZER1 
1 Institute of Sound and Vibration Engineering, University of Applied Sciences Duesseldorf, Germany 

ABSTRACT 
Noise research has focused on urban sounds like traffic or machine noise. The present paper, in contrast, 
investigates low-level sound sources that can affect human wellbeing and health and that are only perceived 
in specific situations. To address our research questions, we conducted an online survey with around 2000 
participants representative for the German population. In the course of the survey, participants reported on 
situations in which they typically noticed low-level sound sources. They described the characteristics of the 
sounds as well as their frequency of occurrence. In addition, they reported on typical activities in situations 
when these sounds occur and personal strategies to cope with negative effects. Finally, they filled out 
questionnaires measuring the Big Five personality traits extraversion and neuroticism as well as noise 
sensitivity. The results include a ranked list of sound sources that people classify as being ”low-noise” and 
that show a potential to affect humans in a negative way. They further constitute the basis for a multi-level 
prediction model on the effects of low-level sound sources including situational and person-related factors. 
Therefore, the findings contribute to a deeper understanding and to an improvement of low-level acoustic 
environments.  
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ABSTRACT 
Adverse effects of noise from high-speed railway have become more and more serious and widespread with 
the rapid development of high-speed rail in China. A social survey on community response to high-speed 
railway noise was carried out in Tianjin, China from March to July, 2018 along the Beijing-Tianjin intercity 
high-speed rail line and Beijing-Shanghai high-speed rail line. 674 residents were interviewed by 
questionnaires to explore their noise annoyance, activity interference caused by high-speed railway noise, 
sensitivity to noise, and satisfaction with living environment. The exposure of high-speed railway noise was 
measured for 24h at each site, and standardized questions and scales suggested by ICBEN Team 6 were used 
in the social survey. As a result, the dose-response relationship curve for high-speed railway noise of Chinese 
residents was established, and it showed that with the increasing of noise level (Ldn), annoyance increased 
exponentially. Compared with Japanese and French people, Chinese residents showed more annoyed to 
high-speed railway noise. It also suggested background noise had important impact on noise annoyance 
evaluation to high-speed railway. Furthermore, annoyance caused by high-speed railway noise was also 
greatly influenced by subjective characteristics such as noise sensitivity, satisfaction of living environment 
and attitudes towards high-speed rail.  

Keywords: Community response, High-speed rail noise, Annoyance 

1. INTRODUCTION
Since the opening of the Tokaido Shinkansen Line in 1964, rapid transit railway networks had been 

constructed in European countries such as France, Spain, and Germany and in Asian countries such as 
China and Korea. The high-speed rail emitted much noise because of its high speed (1). Noise 
problems caused by high-speed rail had grown from a local to a global issue. 

The research on conventional railway noise was relatively mature (2-5), but the research on 
high-speed railway noise was still in its infancy (6-8). Japanese scholars conducted a series of social 
surveys on impact of Shinkansen noise. Sato T (9) carried out a social survey on community responses 
to Shinkansen noise in Kyushu. The result indicated that people living along the Shinkansen were 
more annoyed by the same amount of noise than those living along the ordinary railways. 
Yokoshima S et al. (10) compared the exposure-response relationships for transportation noise using 
datasets accumulated in Japan and showed that Shinkansen railway noise was equally as annoying as 
commercial aircraft noise and more annoying than conventional railway and road traffic nois e. The 
research on community response to high-speed railway noise was mainly concentrated in developed 
countries such as Japan and France(11). In the research comparing community response to road traffic 
noise between Japan and Sweden, Sato T et al. (12) found the difference in lifestyles might result in 
the different response. Hence, a question arose as to whether the findings of previous studies, which 
were obtained mainly for developed countries, were applicable to the rest of the word, especially 
developing countries. China, as a populous country, had the highest amount of high-speed rail 
construction. The involvement of China would contribute to the knowledge of the situation of 
developing countries in terms of environmental noise in the word.  

Even in a country with the same cultural background, the percentage of highly annoyed residents 
was found to vary greatly among different regions. In the research on community response to road 
traffic noise in Vietnam, Phan HYT(13) found inhabitants lived in residential areas with relatively 
narrow roads and high levels of traffic density would initiate higher annoyance.  Gjestland T (14) 

1 zhanglan@tju.edu.cn
1 muhui@tju.edu.cn
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conducted a second analysis of data from previous community response social survey. He found that 
residents in detached house were more annoyed to Shinkansen noise than residents in apartments.  
However, different settlements in China had their own characteristics. It remained to be explored 
what features of sites in Tianjin of China would cause differences in annoyance. 

In previous studies, noise annoyance was not only affected by acoustic factors, but non -acoustic 
factors also played an important role. In the investigation of community response to aircraft noise in 
Vietnam (15), it found that the frequency of use of airplanes and time to go to bed seemed to affect 
annoyance. To assess the factors on road traffic annoyance in Vietnam, Nguyen T (16) developed 
five structural equation models for five cities. The result showed that sensitivity would become 
greater modifier of road traffic noise annoyance if residents didn’t satisfy with their living area. 
Different non-acoustics factors might be involved in different noise sources. The impact of 
non-acoustic factors on high-speed railway noise needed further research.  

This paper conducted a social survey on the response of Chinese residents to high -speed railway 
noise. The objectives of this study were to propose a representative dose-response relationship curve 
for high-speed rail noise in China and to assess how acoustic and non-acoustic factors moderated 
response differences among different sites. 

2. METHOD 

2.1 Survey Sites 
A social survey on community response to high-speed railway noise was carried out in Tianjin, 

China from March to July, 2018 along the Beijing-Tianjin intercity high-speed rail line (BTL) and 
Beijing-Shanghai high-speed rail line (BSL). The two lines represented the form of short-distance and 
long-distance lines in China, respectively. The BTL is the first intercity high-speed railway in 
mainland of China with a line length of 120 kilometers which opened in 2008. The BSL from Beijing 
to Shanghai with a total length of 1318 kilometers went into service in 2011. The total number of trains 
per day running on BTL was 200-230, and there were 229-239 trains a day on BSL (see Figure 1). 

 In our investigation, the sites with only high-speed trains passing though were selected in order to 
eliminate the interference of conventional railway noise. The high-speed trains passed through both 
rural and urban areas in China. Therefore, four rural residential areas and three urban residential areas 
along BSL, as well as three rural residential areas and three urban residential areas along BTL were 
selected in this survey. According to the type of settlements and railway lines, investigation sites were 
divided into four sub-areas: four rural residential areas along BSL in sub-area 1, three urban 
residential areas along BSL in sub-area 2, three urban residential areas along BTL in sub-area 3 and 
three rural residential areas along BTL in sub-area 4, as shown in Figure 2. 

 

 

 

Figure 1 – Average traffic volume in BSL and BTL  Figure 2 – Map of survey sites in Tianjin. 

2.2 Questionnaire Design 
The questionnaire was labeled as “Survey on living environment”. It was not only on noise but 

also on various components of living environment. There were 33 questions in five aspects: 
annoyance, activities disturbance caused by high-speed railway noises, living environment 
evaluations, housing factors and demographic variables, as summarized in Table 1.General annoyance 
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and activity interferences were measured with an 11-point numeric scale constructed by ICBEN Team 
6 (17) ,with end points of 10= “extremely annoyed” and 0= “not at all annoyed”. Other items such as 
self-reported noise sensitivity to noise source were gauged using five-point verbal scale. 

 
Table 1 – Questionnaire item of surveys 

Residential environment  Quiet, comfort, preference 
Housing factors and 
details of the house 

Quality of residential environment (soundproof, ventilation, sunshine, 
insulation, area of house), Housing type, the number of glass layers, 
frame type of windows, direction of facing or not facing railways 

Annoyance  Annoyance due to high-speed railway noise, Annoyance due to 
vibration caused by high-speed railway, the influence time 

Interference on daily 
activities 

Sleeping disturbance, listening to TV or radio, talking, disturbance in 
outdoor or balcony, reading or working, opening windows, emotion or 
mood 

Sensitivities, attitudes, 
etc 

Noise sensitivity, attitudes to the transportation (using frequency, 
comments on safety, support for its construction) 

Life style The time of getting up and going to sleep, length of period to stay at 
home, the frequency of opening widows in summer  

Socio-demographic 
variables  

Occupation, age, gender, education, the number of family, income, 
health states(whether heart disease and headache occur   

2.3 Social Surveys 
Since the most high-speed railway lines passing though residential areas were in the form of 

viaducts and most of the residential buildings were perpendicular to the railway lines, the high -speed 
railway noise spread far. Thus, questionnaires were delivered to people living in houses within 500 
meters of the railway, as an investigation rule. Respondents were interviewed face to face on a 
one-person-per-family basis. Totally, 674 responses were obtained and the response rate was 85% 
shown in Table 2. The socio-demographic factors of this survey were presented in Table 3. Employed 
respondents constituted 45% in the surveys. 65.9% respondents were in the age from 20 to 60.  The 
proportions of these demographic characteristics were balanced, except that the ratio of females was a 
higher than that of males. Because housewives who spent the longest time at home in settlements 
accounted for a large proportion of respondents. 

 
Table 2 – Outlines of social surveys 

 Sub-areas 1 Sub-areas 2 Sub-areas 3 Sub-areas 4 Total 

Type of rail a BSL BSL BTL BTL  

Residential type Rural areas Urban areas Urban areas Rural areas  

Type of house b DH AH AH DH  

Survey sites 4 3 3 3  

Sample 190 265 120 210 785 

Respondents 164 252 99 159 674 

Response rate  86% 95% 82.5% 75% 85% 
a Beijing-Tianjin intercity high-speed rail line (BTL) ;Beijing-Shanghai high-speed rail line (BSL); 
b Detached house(DH); Apartment house(AH); 
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Table 3 – Demographic factors of the survey. 

Items Category Proportion 

Gender Male 37.5% 

 Female 62.5% 

Age Under 20s 3.9% 

 20-39s 31.8% 

 40-59s 34.1% 

 Older than 60s 29.6% 

Occupation Employed 45% 

 Students, housewives, retired, and unemployed 55% 

2.4 Noise Measurements 
After the social survey, noise measurements were made. The specific measurement method was as 

follows. At reference points close to the railway, noise levels were measured with an integrating sound 
level meter for 24 hours. LAeq.24h and Ldn were both calculated from these noise measurement data. 
Then the distance reduction measurements were conducted at each site. The noise levels of at least 
three pass-by trains were measured at points 0, 10, 20, 40, 80 and 160m from the reference points 
simultaneously. LAE values were calculated from noise level data recorded every 20 ms within 10 dB 
from the maximum noise levels of noise events. Equations for estimating the distance reductions of 
LAE were formulated. The noise exposure to each house was calculated using LAeq.24h and Ldn at the 
reference point and the distance reduction equations. 

3. RESULTS AND DISCUSSION 

3.1  Dose-response Relationships 
Dose-response relationships were established with the indicators of Ldn and LAeq.24h, commonly 

used in noise evaluation. And the percentage of highly annoyed respondents was taken from the top 
three points of the 11-point numeric scale. Figure 3 showed that with the increase of Ldn, the 
proportion of residents with high annoyance increased exponentially. And an approximate linear 
relationship was found between LAeq.24h and annoyance. 

 

  
(a) (b) 

Figure 3 – Dose-response relationships for general annoyance 
 
Figure 4 showed the comparison of dose-response curves among China, Japan and France. The 

individual datasets of Japan analyzed in this paper were derived from five social surveys: Kanagawa 
(KNG01), Fukuoka (FKO), Nagoya (NGY), Kumamoto (KMM), and Nagano surveys (NGN) (10). The 
dataset of France came from a social survey on annoyance from TGV traffic noise in 1996(11). The 
result indicated that respondents in China were more annoyed by high-speed rail noise than those in 
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Japan and France at the same noise level. Such differences might be attributed to the differences in 
acoustic characteristics of high-speed railway noise among countries. The maximum operating speeds 
of high-speed trains in China, Japan and France were 350km/h, 200-250km/h and 300km/h 
respectively, resulting in a different perception of suddenness of noise.   

This hypothesis could be supported by a previous laboratory study on exploration of high-speed 
rail noise indicators (18). It suggested that “shock-effects” caused by the sudden increasing of noise 
level of the aerodynamic noise might lead to higher degree of noise annoyance. The noise of 
high-speed train caused much more annoyance than that of conventional train at the same LAeq, 
partially was a result of the “shock-effects” value. According to this explanation, it could be inferred 
why the annoyance of high-speed rail noise in China was higher than those of Japan and France 
might be the different “shock-effects” caused by high-speed trains with different maximum speeds. 
  

  
(a) (b) 

Figure 4 – Comparison of dose-response relationships between China and Japan or France 

3.2 Differences in Response among Sites  
Ldn and LAeq were highly correlated variables, thus, the differences in annoyance among different 

sites obtained by using these two variables as indicators were similar. Since the correlation between 
Ldn and annoyance score was slightly higher than LAeq, Ldn was used in the next analysis. Residential 
type and railway line were the main different factors in these sites.  The dose-response relationship 
curves in each sub-area were plotted, shown in Figure 5. Because the residents in sub-area 3 were also 
affected by military aircraft noise, the result in this area was excluded in next analysis in order to 
avoid the bias on the response to high-speed rail noise. Table 4 compared the percentage of highly 
annoyed respondents between sub-areas at each range of Ldn by Chi-square test. It showed that there 
was no difference between sub-area 1 and sub-area 4 at the range of 48-62dBA. And there was 
significant difference in annoyance between sub-area 1 and sub-area 2 at each range of Ldn. The 
result suggested that respondents in rural areas were more annoyed by high-speed railway noise than 
those in urban areas at the same noise levels.  

 
Figure 5 – Comparison of dose-response relationships among sub-areas in Tianjin, China 

(sub-area 1: rural areas along BSL; sub-area 2: urban areas along BSL; sub-area 3: urban areas along 
BTL; sub-area 4: rural areas along BTL) 
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Table 4 – Chi-square test of the percentage of highly annoyed respondents between urban-rural areas and 

between BTL-BSL at each range of Ldn. 

Type 1 Type 2 43-47 48-52 53-57 58-62 

Sub-area 1 (rural areas) Sub-area 2 (urban areas) 0.042 0.013 0.002 0.033 

Sub-area 1 (BSL) Sub-area 4 (BTL) 0.039 0.292 0.127 0.877 
 
On average, the background noise levels in urban areas were approximately 5dB higher than those 

in rural areas. The background noise level defined as the 95th percentile level (L95) in this study. 
Multiple regression analysis were conducted to examine the effect of background noise 
level(L95).The results indicated that there was a significant effect of background noise level(p 0.01) 
on annoyance. When the difference value between Ldn and L95 was used as an indicator of exposure, 
the percentage of highly annoyed respondents was raised with the increase of this indicator value, 
and the difference of community response between rural and urban residents didn’t exist at the range 
of 10-20, as seen in Figure 6 and Table 5. It could be speculated that noise of high-speed railway 
events might be generally more noticeable in rural areas because of the lower noise level in those areas. 
This finding was consistent with the result of another study on community response to aircraft noise 
in Vietnam(15),which also proved that the areas affected by a single aircraft noise with a lower 
background noise level yielded more annoyance. 

 

 
Figure 6 – Comparison of dose-response relationships among sub-areas at each range of Ldn-L95 in 

Tianjin, China  
 

Table 5 – Chi-square test of the percentage of highly annoyed respondents between urban-rural areas and 
between BTL-BSL at each range of Ldn-L95  

Type 1 Type 2 5-10 10-15 15-20 

Sub-area 1 (rural areas) Sub-area 2 (urban areas) 0.012 0.211 0.353 

Sub-area 1 (BSL) Sub-area 4 (BTL) 0.039 0.404 0.116 
 
It remained significant difference between rural and urban areas at range of 5-10 for the Ldn-L95 

value. It seemed that background noise didn’t work when high-speed rail noise events were not 
prominent. In this case, such difference might be result from the difference in the type of house. 
Residential buildings in rural areas were dominated by detached house with single -story windows, 
while residential buildings in urban areas were mainly apartments with double glazed windows.  
Compared to rural residents, urban residents had more opportunities to choose a quiet environment 
when closing the windows at home. 

3.3 Non-acoustic Factors Affecting Response  
In order to find out the factor that affected annoyance of high-speed railway noise, a logistic 

regression model was fitted with high annoyance as the dependent variable and various factors 
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displayed in Table 6 as independent variables. The result showed that non-acoustic factor contained 
noise sensitivity, health state (whether suffering from heart disease), house satisfaction, satisfaction of 
living environment and attitudes towards high-speed rails. As the levels of the first two factors 
increased, the proportion of residents with high annoyance would raise.  It indicated that residents 
who were sensitive to noise or suffered from heart diseases were more susceptible to high-speed rail 
noise. And noise sensitive had the greatest effect on annoyance cause by high-speed rail noise among 
non-acoustic factors. Furthermore, with increasing of the last three factors, the percentage of highly 
annoyed respondents would reduce. The annoyance caused by high-speed rail noise would be 
decreased by improving the satisfaction of living environment and house. And residents who 
considered high-speed railway more safety had relatively lower annoyance of high-speed rail noise. 
These factors were somewhat consistent with previous research on community response to road 
traffic noise in Vietnam (16). However, the result was different from the research on community 
response to Shinkansen noise (19), a second analysis of data from social surveys in Kanagawa and 
Fukuoka. It found that only gender provided a significant effect on noise annoyance among 
demographic factors and the responses to living environments had no significant effects on the 
annoyance reaction.  

It should be emphasized was that there might be an interaction between palpitations and 
annoyance. Not only residents with heart diseases were more annoyed by high-speed rail noise, but 
high-speed rail noise could also cause heart palpitations to some extent though this conclusion needs 
more support of further research. 

 
Table 6 – Results of logistic regression analysis for general noise annoyance a. 

Items B Odds radio 95% CI p 

Ldn 0.375 1.455b 1.170-1.810 0.001 

L95 -0.155 0.856c 0.774-0.947 0.003 

Satisfaction of living environment -0.510 0.600d 0.478-0.755 0.000 

House satisfaction -0.336 0.714d 0.574-0.889 0.003 

Attitudes towards high-speed rails -0.570 0.565d 0.410-0.780 0.001 

Noise sensitivity 0.863 2.369d 1.855-3.026 0.000 

Heart disease   0.665 1.945d 1.169-3.235 0.010 

Constant 3.454 -  0.092 
a Dependent variable: high level of noise annoyance, represented by the top three points of the 11 -point 

numeric scale; b Increase of risk per 5dBA; c Increase of risk per 1dBA; d Increase of risk per unit scale. 

4. CONCLUSIONS 
The results from the social survey on community response to high-speed railway noise conducted in 

Tianjin provided a broader knowledge on high-speed railway noise situation in China. The 
dose-response relationship curve between noise levels and % highly annoyed was established in 
Tianjin, China. With the increasing of noise level (Ldn), annoyance of high-speed rail noise increased 
exponentially. Compared to Japan and France, Chinese residents were more annoyed by high-speed 
railway noise at the same equivalent sound pressure levels probably due to different maximum speed 
of high-speed train. The response to high-speed railway noise of rural residents was significantly more 
serious than that of urban residents at the same noise levels, possibly because of the different 
background noise level in urban and rural areas. It was also recommended that background noise had 
important impact on noise annoyance evaluation of high-speed railway noise. In addition to acoustic 
factors, non-acoustic factors such as noise sensitivity, satisfaction of living environment, attitudes 
towards high-speed rails, and health status should be considered when evaluating annoyance caused 
by high-speed railway noise. 
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ABSTRACT 
Aircraft noise annoyance has been studied for more than 50 years, asking people to rate their annoyance on 
a unidimensional scale. The importance of non-acoustic factors shows that a more global approach could 
help to understand how people perceive their acoustic environment. Inspired by the soundscape studies, and 
in the frame of the ANIMA European project on the impact of aviation noise, an Experience Sampling 
Method with signal-contingent sampling is chosen to question people in their daily live about the quality of 
their acoustic and visual environment, and not on the annoyance. A dedicated mobile application is developed, 
which collects data each hour of a day (night periods are excluded). The experiment lasts two or three weeks 
depending on the number of notifications per day the participant found acceptable. After the notification, 
participants are asked to record acoustic measurements (third octave bands, each second during one minute). 
After the questionnaire, participants are asked to take a picture of the environment. Summary questionnaires 
are filled at the end of each week, and a global questionnaire is filled at the end of the experiment. This paper 
focuses on a pilot study whose aim is to evaluate the acceptability of the method by participants. 
 
Keywords: Aircraft noise, Mobile Application, Experience Sampling 

1 INTRODUCTION 
The research activities of the ANIMA European project (Aviation Noise Impact Management 

through Novel Approaches) aim at improving quality of life of people living in airport regions. They 
should provide new insights on reducing annoyance and sleep disturbance, quantifying the effective-
ness of a communication campaign in lowering annoyance and develop indicators and protection 
regime for night noise. In order to better understand annoyance, generally, perceptual data are 
collected through field studies. The performance of these studies is often burdened by several factors, 
such as the cost of sending- and back-collection of paper-pencil surveys the low response rate to 
participation requests, sometimes the disposal of test hardware (e.g. a notebook, a measuring device), 
etc. The crossing between perceptual and acoustic data is often only possible with calculated sound 
metrics.  

Crowdsourcing data from mobile smartphones is a new method, which has been already used for 
noise monitoring in different contexts (1-3), and enables researchers to collect behavioural and 
acoustical data in-situ. Actually, this technology offers great opportunities because: 
• more and more it can be assumed that everybody owns a smartphone, so there is no more need for 

handing out a mobile device, notebook for filling questionnaires or sending out paper-pencil 
questionnaires that have to be sent back once they are completed; 

• participants can take pictures, record sounds and videos (in constantly developing quality, audio is 
approaching nowadays to measurement quality), participant’s location can be determined, and 
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(near) instant two-way dataflow is available between participant and the research team. Moreover, 
the progress of the test for individual participants can be monitored remotely, further on by the use 
of remote notification messages, in case of necessity, participants can be encouraged to do the 
study. Concludingly, smartphones can replace a whole number of different devices, are 
ubiquitously available and are easy to be carried along; 

• accessing and thus acquiring (a huge number of possible) participants is much easier (e.g. through 
facebook, twitter, online portals, but former solutions – newspaper, postal letters, radio-
announcement, random sampling on the basis of register data – still work), thus recruitment costs 
can significantly be reduced. However, it has to be noted that a statistically equilibrated sample 
selection from uncontrolled – possibly – mass of test data needs new approaches (e.g. through 
location-data, questionnaire filling-speed, demographical data, “tricky” cross-validation ques-
tions). 
The ANIMA project will feature several small studies, internally referred to as “pilot studies”, one 

of which is the development of a new mobile application, called ANIMA Research, nicknamed simply 
AnimApp (see Figure 1). Using the application, we aim to carry out an experience sampling [ESM] 
study about the impact of the sound- and landscape of the surrounding environment on people’s 
perception of the environment and their quality of life around airports. 

 

    
Figure 1 – Example screenshots of the Anima Research application 'AnimApp' 

2 STUDY DESIGN  
The development of the application has been divided into two phases: 
The pre-release stage consisted of (i) the elaboration of the test-method (i.e. what should the 

participants be asked), (ii) the development of the App on both iPhone and Android platforms, (iii) 
performing the test by a few participants directly recruited by the research team, (iv) drawing conclu-
sions on the feedback of the participants. As during such studies it is of key importance that 
participants don’t get overly annoyed by the test itself, so they stop somewhere in the middle, not only 
the study procedure must be well designed (scientifically as well as in terms of attractiveness), but 
the app itself must be as far as possible error-free and user-friendly. Related to former field studies, 
where paper-pencil or similar (i.e. very basic) computer programs have been used, the achievement 
of these two latter requirements formed a crucial part of the pre-release stage. 

The release stage will consist of (i) the refinement of the test-method, (ii) modification of the app 
and releasing it in the App- and Play-stores, (iii) recruitment of 60 participants around two airports 
(i.e. London-Heathrow and Ljubljana airports) for the ANIMA’s pilot study on the impact of the 
sound- and landscape of the surrounding environment on the people’s perception of the environment 
and their quality of life, (iv) performance of the study, (v) evaluation of the gathered data. 

In this paper, the development of AnimApp at the pre-release stage is presented. The release stage 
will start in the fall of 2019. 
2.1.1 Experience Sampling Method  

Noise impact assessments are usually conducted by carrying out surveys in order to assess 
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retrospective judgments on long-term community responses to noise within a defined study area. 
However, real-life circumstances make new demands towards research and add variety to the data. 
Instead of forcing people to combine different experiences in different situations at different times of 
day and locations to a retrospective judgment at one point of time of measurement, the Experience 
Sampling Method (ESM) allows to assess the experiences in-situ repeatedly on different (consecutive) 
days at different times of day. Hence, the ESM approach can be characterized as “capturing life as it’s 
lived” (4). By installing a survey-software on participants’ devices, researchers are able to prompt for 
several assessments, whenever it appears to be necessary. Data is then submitted to a server and is 
available as soon as the upload is finished.  

Although ESMs have been found to be useful in many scientific disciplines they have just shortly 
found their way into modern noise assessments (5). Here, we hope to have found a promising way to 
get a realistic insight into people’s everyday noise experience, which we regard as essential when 
examining sound perception and its impact on quality of life in individuals. 

2.2 Study overview 
The followings are the elements of the test conducted by the app in the pre-release stage: 

2.2.1  Introduction 
After installing the app, during first start, the test procedure is explained, permissions are asked 

for location- and microphone usage, notification sending, and photo taking. In addition, settings have 
to be overviewed and adjusted at will, so the frequency and time-span of the test suits the participant’s 
life style. Then the user exits the app. The application is designed as self-operating. Once installed, 
notifications will prompt for assessments at random intervals (see 2.2.2). The selection of momentary, 
weekly or the final questionnaire as well as the replacement of missed notifications are all automati-
cally done without further intervention by the participants or the research team. 
2.2.2 Momentary assessments 

During weekdays, from 7 A.M. until 11 P.M. (when not shortened by the participant), once around 
each full hour the app sends a notification: 

 

Figure 2 – Notification calling to perform an assessment 
Depending on the user’s preference 1-3 assessment notifications come a day. Hours of 

measurement (i.e. 7 A.M, 8 A.M, etc.) are randomized for the whole duration of the test, so the user 
doesn’t know when the next measurement request will be prompted for. Each hour of the day is tested 
within the adjusted interval. The total duration of the study adapts correspondingly. 

The user has to respond to a notification in 10 minutes and to start the so-called momentary -
measurement consisting of sound recording, questionnaire filling and taking of a picture. 

During weekend days, the participants respond to the same questionnaire, however in a shorter 
time frame, i.e. from 8 A.M. till 10 P.M. and just every second hour only. 
2.2.3 End-of-week assessments 

At the end of the work-week, i.e. on Friday evening, a short end-of-week questionnaire has to be 
filled in. Also after the very last weekend’s momentary assessment, the same end-of-week 
questionnaire is asked relating this time to all weekend days during the test. 
2.2.4 Final questionnaire 

Once all week- and week-end hours have been performed, a final questionnaire is presented to the 
user asking for noise sensitivity, and standardized questions on well-being (6-7). 

Note that in the context of this paper, individual actions driven by notifications are called 
assessments, while the whole process will be referred as the test. The ensemble of participants’ tests 
is called the study. 
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2.3 Selected questions 
Most studies on the impact of aircraft noise are based on standardized questions on annoyance 

and/or disturbances about a longer period of time (i.e. the 12 last months). This approach has led to 
the result that only up to about one third of the variance of reported annoyance is explained by sound 
level (usually average sound level such as LAeq, Ldn or Lden) (8). The ANIMA project tries to leave this 
classical approach moving from noise pollution and annoyance towards a more ecological point of 
view and the general notion of the perception of sound quality and its impact on quality of life. Actu-
ally, a soundscape approach may be useful to capture all relevant dimensions that can explain the 
impact of sound environment on people. Moreover, the often used indicator 𝐿"#$ is maybe not the 
best one for aircraft noise impact assessment (9); the association between more appropriate acoustic 
data and quality of life could be stronger than the correlation between 𝐿"#$ and noise annoyance. So 
it is worth trying to find better acoustic metrics than Lden which are closer related to the people's sound 
perception, as it is done with the soundscape approach (3). In order to be able to calculate most 
indicators that are proposed in the literature, the spectrum of the recorded sound (third octave band, 
each second) is stored. The aim of this application is to be distributed all over the airports after this 
pre-release and the release stages, so a strict calibration phase cannot be implemented, because people 
don’t have the necessary calibration hardware. Therefore, later on during the analysis, only relative 
and not absolute acoustical metrics can be computed from the recordings. 

At each moment when a notification is received by a participant, a series of questions appears after 
the sound measurement. The questions that have been selected are inspired from soundscape question-
naires (10-11), which have been recently standardized (12-13). The first dimension is the pleasantness 
of the sound, followed by the eventfulness, and the familiarity with the environment. The acoustic 
environment should also be described with the types of sound sources which are present in the environ-
ment. The context is not limited to the location (which is captured by the smartphone), but should 
concern also the activity of the participant at the moment of the evaluation. The context also has to 
include visual data. Actually, it has been shown that the quality of the landscape has an influence on 
the perceived pleasantness of a soundscape when people are outside: the greener the landscape, the 
higher quality the soundscape (14-16). When individuals are inside, the natural elements people could 
see from their windows reduced the negative affect due to noise (17). We aim to examine this further 
by asking participants to take a photo of their current surroundings after filling the questionnaire. 

In the frame of our approach, we also want to question the rating of long term annoyance by means 
of single items: people feel disturbed at different moments of the day, or evening, or even night, but 
participants could have difficulties to produce a valid annoyance rating over a longer period time (e.g. 
12 months) (5, 18-20). To examine how individuals add up all the different experiences deriving from 
their perception - at least for a one week period -, we decided to ask for the 4 questions on the 
environment (overall impression on the environment, sound pleasantness, landscape pleasantness, and 
representativeness of the week) at the end of each week. 

Of course, the unexplained variance of noise annoyance could partly derive from personal disposi-
tions. Accordingly, we assess the mood at each notification, and the noise sensitivity and the perceived 
quality of life at the end of the experiment. Noise sensitivity is assessed with one item. For the 
assessment of quality of life, the personal wellbeing index (6) and the WHO-5 index (7) are calculated. 

3 DEVELOPMENT OF THE MOBILE APPLICATION 
The description of the whole development process is out of the scope of this paper, so just selected 

major items will be presented here.  

3.1 Platform selection 
Nowadays Europe’s smartphone market is practically (to 98.9%) covered with devices that run 

Android and iOS operating systems (21). While Android (73% - 26%) leads significantly, in some 
countries – like the U.K. – the share is near to 50-50%. As the region around London Heathrow Airport 
is one of the selected sites for the ANIMA’s pilot study, it is clear that the development of the app had 
to be done for both operating systems. 

From the point of view of developing difficulties, iOS is in better position because Apple’s new 
operating systems always support older iPhones for quite a long time back. (The iOS 12, the latest 
OS, still runs on the iPhone 5S, which is 6 year old) On the other hand, on most Android smartphones 
the possibility of updates to newer operating systems is restricted. Market share is quite equally 
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distributed among the last 5 operating systems. This makes the development of apps quite hard. 
From the distribution point of view, however, Android is in better position, because while Apple 

has strict rules (e.g. strong reasoning is needed for the use of privacy data, like location) and they also 
check each app (and version) before the app can appear in the App Store, Google’s Play store has no 
such restrictions. 

3.2 App design considerations 
In regular field studies, the procedure of the study is in detail explained to the participants and 

once they agree to participate, they tend to comply well, which can be enforced by offering an expense 
allowance. Mobile apps are however completely different. They must be attractive enough, so the user 
downloads and starts to use it, while at the same time interruptions and disturbances of activities the 
app might produce have to be minimized to not corrupt compliance among the participants. Further-
more, to avoid long text based explanations, which might demotivate participants to stick to 
participate, we had to find a way of formulating instructions precisely and shortly at the same time. 

Another difficulty is how to bring our test through, when the user often disregards the notifications 
to do a measurement. We either accept that fact simply and make our test procedure less strict (e.g. 
not all the hours have to be assessed, or the delay to start a given measurement can be (much) longer 
than 10 minutes) or – as it was in the pre-release version – we constantly say our user “OOUPS! I'm 
sorry, the survey must be performed not later than 10 minutes after the notification. Please wait for 
the next one” and risk thus the user gets so annoyed that he/she aborts the test. 

Data sending needs also attention: on the one hand, apps should avoid running all the time in the 
background (and thus draining battery), but on the other hand they must make sure to send assessment 
data to us, once a measurement is completed. In our case, when internet is not available after fulfilling 
a measurement, there is no other option than to schedule data sending for later time. However, we 
ensured the battery will be drained as few as possible and even if the application is killed by the user 
the schedule for the upload of data still persist. 

Finally tracking of the participants’ location imposes further potential problems. In our study we 
want to know the position of the user at the time of the assessment, so that we can estimate the aircraft 
noise exposure for the respective positions afterwards and compare the calculated sound levels with 
the measured ones. Additionally, we ask our participants to allow following their coarse position all 
the time, so we have an impression how airport residents move during the day (i.e. to know – based 
on noise maps – how much they are exposed to aircraft vs. other noise). This latter functionality is 
extremely prone to battery drain, so it must be very carefully programmed and its unnecessary use can 
also be the reason for app-refusal at Apple. While the pre-release version, which was only distributed 
for testing, was approved by Apple, we hope that the release version, which will appear in the App 
Store, gets also approval.  

3.3 Development issues 
During development and testing we encountered several issues on both platforms: some needed 

special attention to cover all possible situations, other things, which should have work, simply not 
always do: 
• Notifications: when a notification comes, the user can ignore, refuse or answer to it. Both operating 

systems have their own procedures to handle these actions, but it is important to take all possible 
scenarios into considerations, e.g. what happens when two or more notifications have been pre-
sented already and the user accepts the first one; what to do when notifications have been presented 
but instead of acting to them the user starts the app; how to repeat/dismiss a notification if the user 
seems not to act to one; define a proprietary notification sound (how long, how “aggressive”) or 
use the system’s notification sound. 
It was also of key priority that notifications drive the whole test-procedure. So it had to be made 
sure, that even if the app crashes or is killed and the user doesn’t start the app any more, the next 
notification reliably comes and pushes forward the performance of the test. 

• Data transfer: Apple’s ecosystem practically does not support simple http post commands to normal 
(unsecure) servers, so secure connections must be established. This is also necessary in order to 
comply to data protection regulations. However, this increases difficulty of the development pro-
cess and raises the necessity for iOS app’s to send an Annual Self Classification Report to U.S’s 
Bureau of Industry and Security. The development of the Android based application bore additional 
difficulties, by not providing built-in libraries for sending the so called simple multipart requests 
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– the most common data format to send files to a server. While Apple provides one, it is difficult 
to use. Ultimately both platforms needed external packages for data transfer, which unfortunately 
often didn’t work as expected. 

• Interferences by other apps: specific to smartphones is the ability that apps can anytime be inter-
rupted by an incoming call, a notification (whether responded or not) or by the user directly. (In 
this app specifically: an incoming call while recording the sound; aborting the questionnaire filling 
for a while because of a chat-activity.) All these situations have to be carefully taken into account 
what to do if these things happen. Unfortunately even the presentation of a pop-up message, which 
vanishes in a few seconds, can break the normal app work-flow. 

3.4 Randomisation considerations in view of missed notifications 
For all field studies, from the point of view of later statistical analysis, the randomness of sample 

collection is very important. Therefore, to assure good randomisation among assessment hours and 
among participants, for AnimApp it has been decided (a) to let the participants perform an assessment 
at randomly selected hours (but along the test, each hour will be assessed just once), each day as many 
times as he/she set it up in the settings, (b) to define a 30 minute time-frame around full hours, to 
remove the last 10 minutes as reservation for delayed acting to the notification and then randomly 
select the exact time in the resulting time span (e.g. between 7:45 and 8:05), (c) to allow a maximum 
of 10 minutes delay after getting the notification. 

On the Android platform, the randomisation was always performed only for the next day. If a 
participant missed a notification, the app tried to schedule a replacement hour on the same day. The 
result was that at the beginning of the test (before the completion of evening hours), the test-progress 
was faster, but had the drawback, that ultimately – in case of (a) missed notification(s) - the user was 
notified more often than originally intended and marked by the participant in the settings. 

On the iPhone platform however, the randomisation was performed for the whole duration of the 
test right at first start (i.e. all notifications have been scheduled). When a notification was missed, the 
exact time-point was put at the end of the list, i.e. to the last day. The result was that a user was strictly 
as many times requested to perform a measurement as he/she specified, but that the total test period 
for this participant was longer. 

All in all, both randomisation and rescheduling methods had its advantages and disadvantages, 
neither of them seemed to be more appropriate. For the test persons, one of the main problem was that 
the 10 minute allowed delay for a measurement was too short and thus led to frustration to get the 
“OOUPS” message so many times. For the release version therefore some alleviations will be made, 
which, unfortunately, will lower the total randomness. 

3.5 Data security, privacy 
AnimApp made several steps to respect people’s privacy: 

• It is not necessary for the users to enter any personal data to register in the study, they simply get 
automatically the next free user ID from the server during the first data-sending to the server. So 
users remain anonym. 

• The sound recording is right on the phone transferred into a series of 3rd octave band spectra, one 
for each second, and only this is transmitted to the server. This keeps privacy in a natural way, as 
the original audio recording cannot be reconstructed from 3rd octave band spectra. 

• The questionnaire data doesn’t contain any personal information, so nobody knows from whom the 
given judgments come.   

• During photo-taking the user is asked to respect people’s privacy, by either avoiding any per-
sons/faces on the photos, or by being far enough so that others are not recognisable. By not follow-
ing our request, theoretically, we could have still collected photos from people. But as it turned 
out that picture taking is better to be replaced by a few questions, in the release version the option 
of picture taking will be skipped, so no more privacy issues can occur with regard to this aspect. 

• A user has explicitly to agree to the all of the time (coarse) location tracking, but can also refuse. 
In the release version the obtained positions will be rounded to a grid of 100 * 100 m. This will 
further protect privacy. 

• For any cases, during first start, a user must explicitly agree to our privacy policy, including the 
agreement that we collect/store/process data from the participant with his/her approval. However, 
in practice, we don’t collect any sensitive data. 
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4 EXPERIENCES WITH THE PRE-RELEASE VERSION 
The pre-release version has been tested during the winter 2018. A feedback questionnaire has been 

proposed to the “beta” testers. In general, the application is easy to tackle and works quite well. 
Nevertheless, it appears that there were some minor technical problems, but also some confusion on 
the evaluated items: 

The sound measurement, which lasts one minute at the beginning of the evaluation, was not a 
constraint for testers. 

The number of notifications is limited to three in this pre-release version. Some testers felt that 
more notifications a day would be appreciated especially when they have free time to carry out the 
experiment. Thus the number will be increased for the release version but will still be limited to a 
maximum of five per day in order to avoid a concentration of assessments on the same day.  

The global duration of the experiment is quite long in the pre-release version. Actually, at the end 
of the experiment, if time slots are missing especially for week-end situations, participants have to 
wait till the next (week-end) day to fill the questionnaire. Moreover unintendedly missed notifications 
may be quite frustrating for a participant who wants to finish the experiment quickly. Thus, in the 
release version, some relaxing seem to be necessary to be made to the test procedure. 

In the pre-release version, the visual pleasantness was asked in order to analyse the influence of 
the vision on the sound perception. This was justified by researchers who worked on the influence of 
natural elements in the landscape on the soundscape (see section 2.3). However during the pre-release 
phase, we realized that participants resided inside a room for most of the time. When asked for a photo, 
they tend to evaluate the design of the furniture and not the green elements through windows. We 
realized thus that taking a photo was more confusing than necessary. For the release version, we 
decided to skip taking a picture of the current environment, but added questions regarding the view 
to the outsides, if perceivable. When participants are outside, they also have to specify the type of 
landscape they see. 

We realised that we did not ask for global sound assessment at the end of the experiment. However, 
there is no reason for limiting the global assessment only to the integration over one week and not to 
allow for judgments integrating the experiences over the whole test period (2 or 3 weeks)? Thus, it 
has been decided to ask the participants on the four environment assessments also at the end of the 
experiment (see penultimate paragraph of section 2.3). 

5 CONCLUSION 
A pre-release version of an application has been developed in the frame of the EU ANIMA project 

in order to study the impact of the sound- and landscape of the surrounding environment on people’s 
sound perception and its impact on their quality of life around airports. The method of experience 
sampling [ESM] has been chosen because it captures subjective experiences as they are experienced 
in-situ in real life, and not assessed in a field study in terms of retrospective judgments aggregating 
responses to noise over a longer period of time.  

Notifications to perform an assessment arrive maximum three times a day, and the test has been 
designed in order to collect assessments from experiences in every (awake) hour during week days 
and in every two hours during week-end days. 

Perceptual data on the sound environment as well as visual environment are collected, in addition 
to acoustic data (third octave band spectrum each second during one minute) and taking a photo. 
Participants also reported about the context of the perceived environment, i.e. the current activity 
(working, relaxing, taking a meal, playing, making sport, etc.) and type of location (at home, at school, 
at shopping, etc. for inside or countryside, urban street, etc. for outside).  

Feedbacks of “beta” testers guided the development of the release version. In general, participants 
found the pre-release version very easy to handle, but a little too long. The questions about the visual 
environment were not specific enough. They have been simplified in order to focus on the outdoor 
environment. Therefore, in the release version photos are not taken and stored anymore. Instead, the 
type of the landscape is assessed when outside and inside (if it is visible through window). The pilot 
study with the release version should start in fall 2019. 
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ABSTRACT 
Experience Sampling or Ecological Momentary Assessment allows researchers to assess behavioral and 
psychological phenomena directly in a given situation. In a longitudinal study, we aim to model short-term 
annoyance due to shooting noise as a function of intra- and inter-individual differences in perceived 
annoyance by using a hierarchical data modelling approach. The MovisensXS app is used to collect data from 
80 participants at three different study sites in Germany. They are asked to participate for a period of five 
consecutive days per week. During this time, the participants fill out a survey consisting of 19 items, five 
times a day at set intervals. This will add up to approximately 4,000 single measurements depending on the 
response rate and the compliance. We describe the methodology of this study, the planning and executional 
steps taken to ensure a proper data quality. Furthermore, we will explain what has been done to prepare the 
data analysis. Finally, we will give a forecast into data analysis and will exemplarily talk about longitudinal 
data analysis and linear mixed effect modelling. 
 

Keywords: Short-term annoyance, shooting noise, experience sampling 

1. INTRODUCTION 
For years, environmental noise has been recognized and treated as an important public health issue, 

being among the top environmental risks to health (1). For gaining insight into the implications 
environmental noise exposure has on the life and health of individuals, noise assessments are 
conducted regularly in the context of city noise mapping and health impact assessments [HIAs]. 
Usually, for purposes of assessing health impact of noise exposure and resident's responses to noise, 
Surveys on long-term community response to noise are carried out in defined areas. While this practice 
has been proven to be a valid strategy, there are some implications deriving from real -life 
circumstances that cannot be thoroughly reflected by the established study methodologies.  

For once, there are several short-term noise events, which can cause high annoyance, but which will 
most likely not be displayed in a long-term annoyance rating approach. Examples for this can 
frequently be found throughout all countries and communities: Construction sites, vehicle noises (e.g. 
motorbike noise  in summer), increased noise exposure for people spending time in their gardens on a 
summer’s night compared to indoor stay, etc. Additionally, there are various personal (2) and areal 
differences (3–5), which not only cause differences in perceived annoyance but also in sound 
propagation, altering the perception of a noise emitted at point A distinctively from the sound 
immissions at point B and C. As the regular regression-derived exposure-response functions do not 
offer a solution to consider these individual differences in perceived annoyance, the differences in 
explained variance are potentially lost to insufficient study design set ups. Here , we propose and 
describe a solution to the question of how to model short-term annoyance by illustrating a study as an 
example. The study examines short-term noise annoyance caused by small and large firearms at three 
different military training sites in Germany. Several studies on blast noise annoyance have been 
carried out in the last decades. However, for Germany, no updated information on shooting noise 
annoyance exists since the 1980's and 1990's.  

We meet the implications of a repeated measure, short-term blast noise annoyance analysis by 
exercising an Ecological Momentary Assessment, which is also known as Experience Sampling 
Method [ESM] or Diary Study. Our aim is to describe the process of obtaining data and setting up a 
study design, granting to fulfil all requirements for proper scientific data obtainment once the study is 
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running. Although, we cannot report any results, yet, we aim at giving insight into the process of 
in-situ noise assessment strategies. We describe the process of preparing a multilevel analysis and 
explain possible pitfalls during the phase of data collection.  

2. THEORY 
The current issue of the technical instructions on noise [TA Lärm] stipulates noise thresholds for 

stationary noise sources in Germany. This is also true for small calibre firearms (<20mm projectiles 
and <50mg of a TNT equivalent). However, military training grounds are not considered by this 
instruction, including all weapons with bigger projectiles and explosive charges. Lenart et al. (4) 
assume that there are two reasons for this:  

 
1. The defence contract has a somewhat special status in regards to noise regulation ; 
2. Due to many different physical implications and lack of physical knowledge specifics, a standard 
regulation cannot be imposed. 
 
The German armed forces do practice “kooperatives Lärmmanagement” [cooperative noise 

management]. This includes the following self-imposed noise related restrictions: 
 A daily average noise level of 70 dB(C) in mixed zones  and 65 dB(C)  in 

residential areas including all shots from heavy guns is not to be exceeded more than 5% of 
the days in a year 

 The maximum level of 100dB(C)  in mixed zones and 95 dB(C)  in residential 
areas for a single noise event is not to be exceeded more than 5% of the days in a year 

 Both of these goals must be fulfilled for every inhabited grid cell with the dimensions 250 
meters *250 meters.  

Shooting noise emissions from military bases are, therefore, monitored by the responsible 
authorities. To take the impacts of different weapons and their characteristics (e.g. small and large 
guns, cannons, missiles, rapid and slow fire) into account, different sound exposure levels [SELs] have 
been chosen to assess correlated annoyance ratings. As Schreckenberg (6) has summed up, annoyance 
caused by small firearms correlates more with an A-weighted sound level, while the correlations 
between big gun fire are more appropriately reflected with a C-weighted SEL.  

Although this could lead to the assumption that at least differences in weapons and projectiles used 
in training have been considered by research before, the majorities of studies examine small firearms 
(6, 9) and large firearms (10) independently, without considering the effects of another weapon type. 
Practice sessions run on a schedule determined by the Bundeswehr (German Armed Forces) , which is 
being communicated to the residents in the area. Although projectable, noise emissions caused by guns, 
cannons and rifles on military training grounds occur throughout all hours of a day, because the armed 
forces have to practice day and night.  

As stated above, no updated information exists for the the exposure-response relationship for %HA 
due to shooting noise in Germany. However, Lenart et al. (4) estimate an increase in %HA at 70 dB (C) 

. This is fairly close to the estimates of Nykaza et al. (2), who see the threshold for a considerable 
increase in %HA at 60-65 dB (C) .  

Like road, aircraft, railway, industrial and leisure noise, noise deriving from military practice 
routines potentially interferes with people’s leisure time and interrupts or disturbs daily activities. 
However, during our research, we found three particularly relevant sound character istics, which are 
not unique to shooting noise, but potentially have a significant impact on human perception and 
response: 

 
1. Low frequencies: especially big gun blasts and explosions (assumed the explosive charge is 

above a 1kg TNT equivalent) elicit deep frequencies at 10-100 Hz (11, 7). Until today, findings 
suggest that groups of respondents may react particularly sensitive to low-frequency noise (e.g. 
12).  

2. Impulse noise: unlike a train or a plane that moves towards a receptor or a constant traffic flow, 
shots, blasts, and explosions occur suddenly and unpredictably. The impulse character of 
gunfire may cause people to jump and startle (13, 14). It shall be noted that an impulse sound 
cannot only be produced by the shot itself, but also by sonic boom, which is propagated along 
the flight path of a projectile, assumed the projectile reaches speed of at least Mach 1.  

3. Vibration and rattle: (15–19) The so-called “rattle-factor” (17) is of importance whenever 
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people experience sound derived vibration and rattle inside their homes (20). That is, people 
are likely induced with fear of structural damage to their dwellings and belongings, which- 
although very unlikely (21)- has potential to increase annoyance.  

 
At military training grounds, shooting practice sessions vary day by day. The cooperative noise 

management aims at monitoring the practise sessions which, again, results in a fine -tuning of 
following practise sessions from the perspective of (modelled) noise exposure. The objective of this 
study is to evaluate the cooperative noise management from the perspective of noise responses of 
residents living in the vicinity of military training grounds. In order to conduct the survey that 
considers relevant variables of shooting noise with regard to human perception and response, we have 
to operationalize each of the above mentioned aspects in our questionnaire. A translation of altogether 
18 questions used in the diary study is given below (see table 2).  

3. STUDY SITES AND SAMPLING 
We used QGIS (22) to define a 5 km radius along the outskirts of the military training grounds for 

the definition of the study areas. Once the geographical coordinates of these 5 km contours had been 
extracted, we obtained addresses and geographical coordinates of all residential properties within 
these study areas from the responsible surveying and mapping authority agency (Zentrale Stelle für 
Hauskoordinaten und Hausumringe, Köln [ZSHH]).  

Having obtained the addresses, we contacted the registration offices in each administrative region 
to complete our building data sets with personal data. Altogether, the process took several months until 
all personal data was received. Unfortunately, one sub-region had to be left out from the final 
examination due to unsuitable (not processable) format.  

In each study area a survey on long-term shooting noise annoyance precedes the experience 
sampling study. For this, random samples are drawn from the obtained register data sets. A mixed 
mode (postal and online survey) will be applied for the long-term survey. The recruitment will be done 
'offline' by means of personalised invitation letters. Altogether, the aim is to get 800 participants of the 
long-term annoyance survey and 80 persons participating in the ESM study. At the end of the initial  
long-term questionnaire we ask participants if they would, in general, be willing to participate in an 
in-depth study on shooting noise. 

As the long-term study will last for a couple of months we will regularly check for volunteers and 
will be able to reach out to them while the long-term assessment is still ongoing. This enables us, to 
react flexibly on participants preferences in regard to their daily life.  

Three independent study sites throughout Germany are selected for the study (see figure 1).  
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Figure 1: Locations of the selected military training ground in Germany (markers are showing the estimated 

center of the military training grounds), map data provided by © OpenStreetMap 
Munster and Bergen are both located fairly close to each other in Lower Saxony and Baumholder is 

located in Rhineland-Palatinate, south of Frankfurt on the Main.  

4. STUDY PROCEDURE AND QUESTIONNAIRE 
The short-term questionnaire of the ESM study, which will be implemented on the participant's own 

mobile device (smartphone, tablet), features 18 questions, each of which addresses the recently passed 
time period. Table 1 shows the time frames to be observed and the alarm settings for each measurement. 
Participants will have to fill-in the questionnaire five times per day at fixed points of time. The overall 
ESM study time will be 14 days, with a four days break after five days, followed by another five days 
of the trial. The four days break helps avoiding oversampling weekends. 

 
Table 1 – Alarm settings and time periods observed in the short-term ESM study 

Measurement number Time period observed per day Alarm 

1 
10 pm -6 am Night 8 am 

6 am – 8 am Early morning 8 am 

2 8 am - 12 pm Morning 12 pm 

3 12 pm - 3 pm Noon 3 pm 

4 3 pm - 6pm Afternoon 6 pm 

5 6 pm – 10 pm Evening 10 pm 

 
Although the experience sampling approach demands an in-situ measurement (23–25), we decided 

to combine the assessments for the night period (10 pm – 6 am) and for the early morning both in a 
measurement at 8 am. Corruption of compliance may occur when setting an alarm too early and data 
might be lost, because participants may still be asleep at 6 am or may abort the study altogether due to 
the strain of an alarm at 6 am. 

Overall, an ESM study is quite demanding towards participants and, therefore, may need special 
considerations regarding the stability of participants’ compliance. Accordingly, the alarm time is 
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adjusted and the count of measurement points is set to a reasonable limit as the repeated measurements 
can be stressful and interfere with participants’ daily routines (26, 27). Additionally, participants 
might as well be worried to divulge too much personal data by using their smartphone (e.g. 28). 
Participants will receive an expense allowance of € 1 per sent questionnaire to further increase 
compliance, which has been proven to be useful in ESM settings (29, 30). Reacting to each alarm and 
completing the questionnaire in every measurement will equal in a total expense allowance of € 50 for 
each participant.  

 
Table 2 –Short-term survey questions and response scales (translated from German language) 

Number Question Scale 

 Block A) Preponderant whereabouts  

1. During the last period, did you stay at home? 

Yes, inside my house/flat 

Yes, outside (balcony, terrace, 

around the house) 

No, not at home 

 

2. 
If No. 1 = 'Yes, inside my house/flat': 

How was the window position while you were at home? b 

Closed 

Partly open (tilted) 

Open 

 Block B) Annoyance  

3. 

Thinking about the [recent time period], when you are 

here at home, how much did noise from firearms bother, 

disturb, or annoy you? 

ICBEN 5-point verbal scale  

(5) Extremely,  

(4) Very,  

(3) Moderately,  

(2) Slightly or 

(1) Not at all 

4. 
And how about vibration caused by gunfire, how much did 

that bother, annoy or disturb you? 

 Block C) Noise characteristics  

 
Thinking about the [recent time period], how much did 

you feel bothered, disturbed or annoyed by 
 

5. Frequency ICBEN 5-point verbal scale  

(5) Extremely,  

(4) Very,  

(3) Moderately,  

(2) Slightly or 

(1) Not at all 

6. Nature of noise („boom“) 

7. Unpredictability/ surprise 

8. Startling 

9. Vicinity or intensity 

10. The low frequencies 

11. other Open question 

 Block D) Preponderant activities  

 

Thinking about the [recent time period], how much did 

you feel bothered, disturbed or annoyed by shooting noise 

during the following activities 

 

12. Talking or calling inside the house/flat ICBEN 5-point verbal Scale  
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13. Listening to the radio or watching TV (5) Extremely,  

(4) Very,  

(3) Moderately,  

(2) Slightly or 

(1) Not at all’ 

14. Reading or focussing inside the house 

15. Relaxing after work inside the house/ flat 

16. Socializing/ having visitors inside the house/ flat 

17. Staying or relaxing outside 

18. Talking outside 

 
We tested the time needed to the questionnaire in every measurement and estimated that 

participants will need approximately two minutes for each measurement. Those who regularly react to 
their alarms will likely speed up over time due to familiarity.  

We use the movisensXS® (31) Android mobile device application to program the questionnaire for 
mobile devices. This enables participants to use their own devices. 

A team of assistant researchers will be schooled in the handling of the app and visit all participants 
at home to assist them in setting up their devices and operating systems. This ensures an orderly 
execution of the study. 

5. CONCLUSIONS 
Conducting a short-term noise assessment with ESM methodology is a demanding exercise. Many 

steps in the process are methodical-specific and bear pitfalls, if not considered carefully. Although it 
takes a lot of preparation and effort to conduct a study like this, we think short-term, ESM based noise 
assessments are worth the trouble. 

ESM and the accompanying data analysis with multilevel linear models offer possibilities beyond 
the scope of the usual long-term noise annoyance surveys. Here, we have described the details and 
implications necessary to set up a study using ESM methodology. There is reason to assume that a 
diary study can explain more variety in data than the usual retrospective surveys combined with 
regression derived approaches, by considering in-situ raised data and the discrimination of fixed and 
random effects when calculating the models.  
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ABSTRACT 
Over the last decades, cities have been developing noise policies. Comparing such efforts, however, is not 
straightforward. For this purpose, a previously proposed noise intervention classification scheme is used as a 
framework. This framework discriminates between source interventions, path interventions, closing/opening 
new infrastructure, other physical interventions (e.g. achieving a quiet side) and communication/education 
measures. Responsible officers dealing with noise at environmental departments of eight large European 
cities were interviewed. The invitations for an interview were sent out taking into account the geographical 
distribution of cities over Europe while a reasonably high position on a sustainable cities ranking was 
required. The interviews focused on the noise problem definition and what is in the noise management 
toolbox of the city. In addition, it is assessed how noise policies are evaluated, and to what extent public 
participation in the noise policy and planning process occurs. The interviews show highly contrasting 
opinions and practices among the interviewed cities at almost any aspect of the noise management process. 
 
Keywords: Noise policy, public participation, city noise planning 

1. INTRODUCTION 
Environmental noise management, or environmental noise control, is usefully conceived of as 

interventions designed to improve human health. The World Health Organization, in its development 
of its recent Environmental Noise Guidelines (1), commissioned a range of systematic reviews of 
health effects of environmental noise to provide an evidence base for guideline development, 
including a review of measured changes in health effects arising from noise interventions. In the 
absence of prior systematic examinations of noise intervention, Brown and van Kamp (2) found it 
useful to develop a classification of interventions, and a simple framework illustrating where different 
noise interventions potentially act along the pathway between noise sources and human health is 
shown in Figure 1. 

This framework of interventions is used in this study to classify interview responses describing the 
implementation of noise policies in a selection of European cities. The paper provides a snapshot of 
current approaches to noise management in cities. 
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Figure 1 – Environmental noise intervention framework from Brown and van Kamp (2). 

2. INTERVENTION CLASSIFICATION 
Interventions on environmental noise were defined according to five broad categories based on the 

available intervention literature and the experience of decades of environmental noise management 
(see Table 1). Interventions Type A and B are self-explanatory. Intervention Type C categorizes 
situations where noise levels from a source have changed from non-existent to high because of new 
infrastructure (e.g. little or no road traffic adjacent to a newly opened freeway, or an area now under a 
new flight path where previously there had been no overflights), or the converse where a roadway or a 
runway has been closed. The Type C category is also extended to incorporate controls on building a 
new dwelling near an existing noise source. In an urban planning sense, a noise management 
“intervention” is the requirement of some minimum distance between existing noise source and new 
residential development. Type D, “other physical interventions” includes quiet sides (3) for dwellings 
or changing the appearance of a neighbourhood. Type E includes education and communication 
interventions intended to change behaviours – this category could be broadened to include all “other 
social interventions”. 

Table 1 – Categories of environmental noise interventions 

Type Intervention Category Intervention Sub-category 

A Source interventions  change in emission levels of sources 

 time restrictions on source operations 

B Path interventions  change in the path between source and receiver  

 path control through insulation of receiver’s dwelling 

C New/closed 

infrastructure  

 opening of a new infrastructure noise source 

 closure of an existing one  

 planning controls between (new) receivers and sources 

D Other physical 

intervention 

 change in other physical dimensions of dwelling/neighborhood  

E Change in behavior 

interventions 

 change in behavior to reduce exposure 

 avoidance or duration of exposure  

 community education, communication 
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3. METHODOLOGY 

3.1 City selection 
The selection of candidate cities in this study was based on the involvement in a few recent 

European noise-focused research projects and Arcadis’ sustainable cities index  (4). This increased the 
chance that the invited city departments were concerned with environmental topics including urban 
noise. There is a focus on densely populated European cities, where the environmental noise problem 
is likely to be relevant. In total, 25 cities were invited for an interview, of which 8 promptly accepted 
(see Figure 2). It is expected that there will be a bias towards cities with a more elaborate noise policy 
as these might be more inclined to spontaneously respond; noise policy was explicitly mentioned in the 
invitation letter. Genève is the only non-EU (European Union) city involved. 

 

 
Figure 2 – Geographic distribution of the European cities interviewed in this study. 

3.2 Interviews 
A video-chat interview was proposed. If there was interest to participate, but the interviewee 

expected a significant language barrier, a paper survey (in English) was allowed. The interviewer 
started with asking to position noise among the other environmental problems in the city and how 
noise issues were assessed. Secondly, the noise mitigation measures typically used in the city were 
asked for. Thirdly, evaluation procedures to follow up the effectiveness of the noise poli cy were 
queried. Additional questions were posed regarding the degree of public participation at any stage in 
the urban (noise) planning process. Although this same questioning structure was followed in each 
interview, the person responding will inevitably have a large influence in such a narrative 
open-questioned interview with plenty of possibilities to expatiate. It is nevertheless assumed that - at 
least - the major lines from the city noise policy will be brought forward by the person who declared to 
be a relevant interviewee on this topic. 

4. RESULTS 

4.1 Noise problem assessment 
For the interviewed city departments, noise is typically considered as the second biggest urban 

environmental issue (see Table 2). Air pollution is generally seen as the main problem. Somewhat 
contrasting, the officer of Madrid referred to a population-based survey where noise did not even end 
up in the top ten. In Hamburg, the lack of legal noise limits was declared to diverge political interest 
away from the topic. When talking about urban noise, it is clearly all about (road) traffic noise, unless 
an airport at close distance from the city centre was present. In the EU countries, noise mapping is 
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indicated as the main objective assessment method, while monitoring is only mentioned by two cities 
as a policy instrument for noise problem definition. Public participation in the latter is typically 
centered around the obliged population consulting in the framework of the END (5) action planning. 
Antwerpen mentioned a strong push from action groups that actually put noise on the local (political) 
agenda. Ad-hoc complaints and general environmental surveys are mentioned as well. In Eindhoven, 
public participation is deemed unnecessary to identify noise problems given their “well -organized and 
elaborate noise planning policy”. 
 

Table 2 – Aspects of the environmental noise problem assessment. 

 

Antwerpen 

(BE) 

Eindhoven 

(NL) 
Genève (CH) Hamburg (DE) 

Positioning of noise among 

other environmental issues 

1. Air pollution  

2. Noise  

3. Lack of green 

space 

1. Noise  

2. Air pollution  

3. Safety 

1. Air pollution  

2. Water quality  

3. Noise 

Air pollution 

("noise 

exposure has no 

legal limits so 

less policy 

interest") 

Noise sources of main 

concern 
Traffic noise 

Road traffic 

noise, railway 

noise, leisure 

noise 

1. Road traffic 

noise 2. Airport 

noise 3. Leisure 

noise 

Traffic noise 

Objective assessment of 

noise issues 
Noise mapping Noise mapping Monitoring Noise mapping 

Public participation in 

noise problem definition 

Strong push 

from action 

groups putting 

noise on the 

political agenda 

No public 

participation for 

transport noise 

Might emerge 

during 2-yearly 

(general) 

environmental 

surveys 

Public 

hearings/online 

platforms 

during END 

action plans, 

might appear in 

the obliged 

public 

consultation in 

any urban 

planning project 
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Table 2 – (continued) 

Madrid (ES) München (DE) Warschau (PL) Wien (AT) 

Positioning of noise among 

other environmental issues 

Noise not in top 

ten (following 

public survey) 

Not assessed 

(but noise is an 

important issue) 

1. Air pollution  

2. Noise 

All 

environmental 

disturbances 

due to traffic 

(air quality, 

noise, ...) 

Noise sources of main 

concern 

1. Traffic noise  

2. Leisure noise 

1. Traffic noise  

2. Industrial 

noise 

Traffic noise 

1. Traffic noise  

2. Neighbor 

noise 3. 

Construction 

noise 

Objective assessment of 

noise issues 

Monitoring and 

noise mapping 
Noise mapping Noise mapping Noise mapping 

Public participation in 

noise problem definition 

Complaint 

driven by 

individuals or 

neighborhood 

associations 

Public 

hearings/online 

platforms 

during END 

action plans, 

might appear in 

the obliged 

public 

consultation in 

any urban 

planning project 

Complaint 

driven or part of 

END action 

plan public 

consultation 

Inclusion in 

well organised 

Vienna district 

cooperative 

procedures 

4.2 Noise mitigation toolbox 
Overall, there is a strong emphasize on source interventions (type A, see Table 3), except for the 

city of Antwerpen. Their urban ring road was identified as the main cause for the city’s noise exposure. 
Silent road pavements are considered inapplicable given the high share of heavy traffic, and since 
regular replacement of the top layer would lead to a “traffic infarction for a large part of Flanders’ 
region” (i.e. the Northern half of Belgium). In contrast, Genève applies silent road pavements 
city-wide as the main noise management measure. Satisfying results upon large-scale noise monitoring 
were declared. Sound pressure level decreases by speed reduction attract interest in various cities (like 
Madrid and München) and have been applied in Hamburg (50 to 30 km/h near densely inhabited zones), 
although still controversial. 

Path interventions (type B) are slightly less applied/preferred compared to source interventions. 
Dwelling facade insulation is often cited as an important measure and takes a major part in the toolbox 
of Eindhoven, Hamburg and München. However, the exposure levels near the dwelling (e.g. in 
gardens) are then mentioned as a remaining problem. Extensive undergrounding or road coverings 
have been applied in Madrid and are currently studied/debated in Antwerpen. 

City growth and consequently increasing housing demands forces the cities to use zones that are 
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characterized by sound pressure levels that are actually too high to safeguard human health. This is a 
recurring remark by the interviewees. Intervention type C, containing buffer zones, can therefore often 
be considered as inapplicable/unrealistic in many cities. Nevertheless, Eindhoven tries to apply this 
measure in the first place aiming at preventing future noise issues (using estimated t raffic loads at 
nearby roads within a time frame of 10 years for new dwelling projects).  

Sound perception/soundscape measures (belonging to type D) are only mentioned by the city of 
Antwerpen. Exploiting wind-induced vegetation noise (e.g. introduction of Populus tremula) or water 
sounds (introduction of fountains) in parks bordering busy roads are currently being considered. The 
city of München reported specific measures to achieve quiet sides/facades (type D) at buildings (e.g. 
building orientation optimization and creating so-called “in-fills”).  

A few cities mention measures that belong to intervention type E, generally aiming at noise 
awareness raising. This should not only be seen as people trying to minimize their own exposure (level 
or duration), but also deals with the fact that citizens are noise producers themselves. Stimulating 
modal shift (towards bicycle or public transport use) is part of the policy in Madrid, München and 
Hamburg. 

 
Table 3 – Road traffic noise management focus following the intervention classification system. The scale 

from “+++” to “0” stands for “a strong emphasize on” to “not considering at all”. 

  

Antwer

pen 

(BE) 

Eindhov

en (NL) 

Genève 

(CH) 

Hambur

g (DE) 

Madrid 

(ES) 

Münche

n (DE) 

Warsch

au (PL) 

Wien 

(AT) 

A Source 

interventions 
0 +/++ +++ + ++ ++ + ++ 

B Path 

interventions 
++ ++ + ++ + ++ + + 

C New/closed 

infrastructure 
0 + + 0 0/+ 0 + 0/+ 

D Other 

physical 

interventions 

+ 0 0 0 0 + 0 0 

E Education/ 

communicatio

n 

0 0 0 + +/++ + 0 0 

4.3 Evaluating noise policy 
Antwerp, Eindhoven, Genève, Hamburg and Madrid mention that project based (ad -hoc) noise 

measurements after interventions are common practice for manifold reasons (to learn about the 
effectiveness of a measure, to check a priori modelling during the planning phase, for communication 
to the population, etc.). Genève and Madrid, in addition, use their (available) noise monitoring 
network to check long-term effects. München, Warschau and Wien will typically await the next round 
of strategic noise mapping to evaluate the measures taken. 

4.4 Public participation 
There is a high diversity in public participation in the noise planning processes in the cities 

considered (see Table 4). At the lowest level, there are ad-hoc complaints (so-called “push” from 
citizens), facilitated by making telephone numbers easily available or by automated web-forms. In a 
second step, the obliged interaction with the population in relation to the END noise action plans can 
be mentioned where the city administration needs to “pull” react ions (e.g. by means of roadshows). A 
higher degree of participation is the involvement of citizen groups at various or at every stage of 
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important city planning projects. This becomes even stronger when such a requirement is hardcoded in 
(local) law. An outlier among the cities considered is Eindhoven, where the strict noise planning 
regulations for any (new) development are considered as adequate so that participation from the public 
at large is actually deemed unnecessary for road traffic noise problems.  
 
Table 4 – Qualitative estimate of the degree of public participation in the environmental noise policy. The 

scale from “+++” to “0” stands for “extensive participation” to “no participation at all”. 

Antwerpen 

(BE) 

Eindhoven 

(NL) 

Genève 

(CH) 

Hamburg 

(DE) 

Madrid 

(ES) 

München 

(DE) 

Warschau 

(PL) 

Wien 

(AT) 

++ 0 + ++ +/++ ++ 0/+ ++/+++ 

4.5 Integration of noise in the urban planning process 
The degree at which environmental noise is integrated in the urban planning process is quite 

different (see Table 5). In Antwerpen, noise is starting to be considered as an important aspect in urban 
planning; the city department is building up experience with such an early integration. However, they 
see a problematic lack of knowledge with external planning contractors on the topic of noise. 
Eindhoven has a high degree of legally-enforced integration of noise in their urban planning process. 
Silent roads are included standard in new urban developments in Genève, and there is an extensive 
project-based interaction with the noise specialists from their environmental department. The latter is 
indicated by the city of Madrid as well, but probably to a somewhat lesser degree than in Genève. In 
Hamburg, noise is considered in the planning process mainly when raised as an issue during the public 
consultation. Warschau sees many problems when noise would need to be considered, as this would 
further complicate the urban planning process. Although Wien has an extensive public participation  
procedure, noise is considered only as a small aspect of urban planning and there is no full integration. 

Table 5 – Qualitative estimate to what degree noise is integrated in urban planning 

Antwerpen 

(BE) 

Eindhoven 

(NL) 

Genève 

(CH) 

Hamburg 

(DE) 

Madrid 

(ES) 

München 

(DE) 

Warschau 

(PL) 

Wien 

(AT) 

+/++ +++ +/++ 0/+ + ? 0 0/+ 

5. CONCLUSIONS 
Noise is a well-recognized environmental issue in most European cities consulted. The proposed 

classification procedure for noise measures can be used to frame the noise policies of cities, allowing 
an inter-comparison. Overall, most common are source type interventions, closely followed by path 
interventions. Other types of interventions are clearly much less exploited. Although all cities 
considered are European, there are remarkable differences regarding public participation (“at every 
stage of the planning process” to “none at all for road traffic noise exposure”), the type of noise 
measures taken (“a main role for silent road surfaces” to declaring that the latter is an “inapplicable 
measure”), and evaluation procedures for interventions (“awaiting the next round of strategic noise 
mapping” to “using extensive city-wide noise monitoring networks”). 
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ABSTRACT 

We had suggested that residents’ perception and value of being able to control one’s personal traffic noise 

exposure at home are relevant for the readiness to participate in noise policies. Further, we had framed 

residents’ participation readiness by specifying behavioural determinants (positive attitude towards and 

subjective norm of taking action for a quiet environment as well as behavioural control perceptions, i.e. 

noise-related institutional knowledge, self-efficacy, and communal mastery). Using cross-sectional 

questionnaire data on about 1,600 older adults in Germany in 2016 and logistic regression analyses, we 

modelled the probability of agreement to each behavioural determinant in relation to residents’ perceived 

noise control (PNC) and its value as measured by six point Likert-scales. Besides other covariates, 

knowledge of public consultation in noise action planning, internet access, and social network were added to 

the models. Agreement varied from 36% for a positive subjective norm to 72% for a positive attitude. Overall, 

results confirmed positive associations between perceived noise control, its value and behavioural 

determinants (e.g. ORPNC= 1.21, 95%-CI [1.09-1.35], ORvalue=1.20, 95%-CI [1.13-1.28] for 

behaviour-specific self-efficacy), indicating a link between perceived exposure-specific characteristics and 

participation readiness. Next, we will investigate whether our selected behavioural determinants statistically 

predict intended and performed civic engagement. 

 

Keywords: road traffic noise exposure, perceived noise control, participation readiness, behavioural 

determinants 
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ABSTRACT 
There is increasing demand for innovative approaches to decrease the negative impact of noise by 

sound-conscious design. While the health effects of environmental noise are well mapped, little is 
known about the effectivity of interventions on health. This is one of the conclusions in the 
WHO-Review on health impacts of noise interventions. More and better interventions studies are 
needed, in particular for sources other than road traffic, and for health outcomes other than annoyance. 
Some soundscape intervention studies were included in the WHO review, classified under the 
category ”Other physical interventions”. Three out of four studies in this domain demonstrated 
potential efficacy. Although consideration of soundscapes seems essential for urban planning, 
guidelines on how to implement and assess improvements are not available. Against this background 
an inventory of architectural soundscape projects in the Netherlands and elsewhere was made, 
combining interviews with experts and planners with a literature review. The inventory of Dutch and 
international examples of soundscape approaches in urban planning led to the conclusion that 
well-documented approaches all aimed at the improvement of the acoustic quality, rather than a mere 
reduction of sound levels. The projects also combined changes in the physical environment with 
stakeholder involvement and in that way created a sense of ownership of the interventions. Based on 
these findings this paper extends the examples of the typology of interventions. 

Keywords: Sound, Soundscape, Interventions, Social Interventions  

1. INTRODUCTION 
In a review prepared in the framework of the WHO Guidelines for environmental noise1

we discerned five types of interventions: A Source interventions B Path interventions C New/closed 
infrastructure D Other physical interventions and E Education/ communication interventions. Figure 1 
presents the different types of interventions.  

Figure 1:  Five types of noise intervention along the pathways between environmental noise and health. 

The studies included in assessing the effectiveness of type D interventions provided, by comparing 
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responses from groups with and without the particular physical dimension of interest, indirect 
evidence on the magnitude of the likely effect of the physical interventions1. The physical dimensions 
considered in this group of studies included: availability of a quiet side; whether bedroom or living 
room windows faced a quiet street (effectively a variation on the existence of a quiet side to the 
dwelling); the non-acoustic ‘quality’ of the space that constituted the quiet side of the dwelling (such 
as a courtyard); and the existence of nearby green areas. This type of intervention could be achieved, 
for example, as part of comprehensive housing/roadway redesign activities over some area. All studies 
found the presence of the particular dimension being investigated had a favorable effect on the 
(annoyance) responses of the study group, and all but one study demonstrated that this was statistically 
significant. For example, the difference in the percentage of at least moderately annoyed participants 
between homes with and without a quiet side was statistically significant. Several of the studies 
adjusted for a large number of confounders in their analyses, but others only for age, noise sensitivity, 
or window-closing behavior.  

2. INVENTORY OF EXAMPLES OF ARCHITECTURAL INTERVENTIONS    
A recent inventory of projects2 aimed at improving the soundscape in urban areas in the 

Netherlands focused on type D interventions: changes in the physical environment. To be included in 
the overview the intervention projects had to meet the following criteria:  

• the reduction of sound levels to below a (statutory) limit was not a primary aim of the project; 
• the project is in the public domain; 
• some physical modification has been made; 
• improvement of acoustic quality must be an explicit aim of the project and identified 

beforehand.   

Only four Dutch soundscape projects were identified which met the criteria and these included only 
two projects which had been implemented. In addition, three international projects were added to the 
list. For a full description of the projects see 2,3.

2.1 Key features of interventions in the inventory  
This inventory2 of Dutch and international examples of soundscape approaches in urban planning 

came up with several interesting approaches. The approaches all had in common that a reduction of 
sound levels was not the main aim, but the improvement of the acoustic quality was. The projects also 
had in common that they involved stakeholders and that a sense of ownership or control was created by 
the interventions, although this was not necessarily an explicit aim of the intervention. Ownership had 
(in these examples) many different faces, varying from participating in the decision-making regarding 
the design, creating solutions with a strong (visual) link with the history of the area, giving people 
actually temporary ownership of the soundscape of a park and so on. We note that, in discussion of 
annoyance reducing measures around airports, wind turbine parks etc. the concepts of participation, 
personal control and ownership, have also often been mentioned. 

In a recent review paper of Asensio et al.4 a wheel of participation was described of which the 
segment in Figure 2 below is closely related to the approaches in projects reported in the inventory. 
This approach also is a vital part of the Horizon2020 project ANIMA5.
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 Figure 2: Segment of the wheel of participation6

The segment clearly shows that there are different levels of participation and ownership: ‘real’ 
ownership (of the airport/noise source, of measures/devices that reduce exposure, i.e. sound proof 
windows, house with good sound insulation, quiet façade, etc.) and 'symbolic' ownership which might 
also be understood as 'real' ownership of decisions or of the power to decide (and thus ownership of 
control). or ownership in the sense as described above: the solutions in itself create a sense of 
belonging/ownership. The pathway by which these types of intervention can lead to a reduction in 
annoyance is well summarized by the concept of personal control 

Control beliefs (“perceived presence of factors that may facilitate or impede performance of a 
behavior” become manifest in residents’ perceived behavioral control. Ajzen7,8 distinguishes 
perceived behavioral controllability (“belief about the extent to which performing behavior is up to the 
actor”) and self-efficacy (“ease or difficulty of performing a behavior”). The more a resident assumes 
to know about objective environmental quality and environmental rights, the greater her or his 
engagement-specific controllability6. Equally, the more she or he feels confident and capable of civic 
engagement, the more self-efficacy regarding civic engagement is present. The stronger 
engagement-specific controllability and self-efficacy are, the higher the chance that a resident will 
adopt an institutional (read active) coping strategy. 

Although the role of personal control in the relationship between environmental exposures and 
acute stress responses and long-term health effects has been well documented in the past9, we do not 
know much yet about the health effects of soundscape types of interventions including participative 
elements. Also, there is a limit to how much one can intervene in chronic high levels of noise exposure: 
creating a sense of ownership or literal ownership might have stress- and annoyance- reducing effect at 
lower levels, they do not prevent long term health effects of exposures to noise levels above the 
health-related limit values. In other words: these interventions are not meant, and cannot be used, as a 
way for paying off the acceptance of unhealthy living conditions. 

3. The noise intervention Framework 
The original framework1 for considering noise interventions and related health effects is presented 

in Figure 3. It shows where different categories of interventions fit along the system pathway between 
noise sources and human outcomes. It also shows different measurement points along the pathway 
where changes relevant to human outcomes can be measured. This framework provides a systematic 
and comprehensive basis for this, and any future work with respect to the effects of interventions in 
environmental noise of all source types.  
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Figure 3. Intervention framework showing: system components of the path between environmental noise 
and human health, where different types of noise intervention potentially act along that path, and points 
along the pathway where changes resulting from interventions can be measured. 

Table 1 expands on these interventions by adding subcategories and examples 

Table 1. Categorization of Noise Interventions. 

Type Intervention 
Category Intervention Sub-Category Examples 

A Source interventions change in emission levels of sources  

motor vehicle emission regulation; rail 
grinding; road surface change; change in 
traffic flow on existing 
roadways/railways; change in number of 
aircraft flights 

time restrictions on source operations airport curfew, heavy vehicle curfew 

B Path interventions 

change in the path between source and 
receiver noise barrier 

path control through insulation of 
receiver’s dwelling insulation of building envelope 

C New/closed 
infrastructure  

opening of a new infrastructure noise 
source, or closure of an existing one 

new flight path; new railway line; new 
road bypass; or closure of any of these 

planning controls between (new) 
receivers and sources 

urban planning control; ‘buffer’ 
requirements 

D Other physical 
interventions 

change in other physical dimensions of 
dwelling/neighborhood  

availability of a quiet side; appearance of 
the neighborhood; availability of green 
space 

E Education/communicatio
n interventions 

change in behavior to reduce exposures; 
avoidance or duration of exposure 

Educating people on how to change their 
exposure 

community education, communication 
Informing people to influence their 
perceptions regarding sources, or 
explaining reason for noise changes  

3.1 Implications of the findings of the inventory for the intervention framework 
We surmise that the examination of urban planning interventions in Section 2 above has several 

implications for future work on interventions, and specifically for further comprehensive development 
of the intervention framework as originally proposed1. Two of these are illustrated in Tables 2 and 3 
below. 
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Firstly, Intervention type D, “Other physical interventions” was defined as changes to physical 
dimensions of dwelling/neighborhood, including; availability of a quiet side; appearance of the 
neighborhood; availability of green space. It is suggested that the examples of applicable interventions 
for this category should be extended to explicitly include “varied soundscape design”.  

Table 2: Type D Interventions extended

D
Other physical 

interventions

change in other physical dimensions of 

dwelling/neighborhood 

availability of a quiet side; appearance of 

the neighborhood; availability of green 

space; varied soundscape design.

Secondly, what was first labeled as “education/communication” interventions (Type E) should be 
defined much more broadly, and categorized as “Social Interventions”, They represent a very broad 
range of participatory interventions as discussed above, including public involvement in a 
physical/soundscape intervention creation, (a sense of) ownership or responsibility for the 
intervention - as in Table 3 below.  

Table 3: Type E interventions, extended

E Social  
interventions

change in behavior to 
reduce exposures; 
avoidance or duration of 
exposure

educating people on how 
to change their exposure

community education, 
communication 

informing people to 
influence their 
perceptions regarding 
sources, or explaining 
reason for noise changes  

participation/stakeholder 
involvement enhancing a 
sense of ownership and 
/or responsibility

proving literal 
ownership, proving 
ownership of solutions 
such as a collaborative 
plan of insulation, 
owning a quiet façade, 
etc. – or co-create areas, 
soundscapes which 
create a sense of 
ownership, giving 
control over a 
soundscape  

Thirdly, it is suggested that it might be worthwhile studying the effect of a combination of 
interventions together. Examination of the effects of interventions that involve a physical change 
should be extended to also include assessment of involvement and ownership of both process and 
outcome of the Type D interventions, directed at improvements in the local environment (and those 
that involve Interventions Types A to C as well). These dimensions need to be appropriately 
incorporated within the protocol for the study of change which was developed by Brown and van 
Kamp10 for intervention studies, as utilized by Brown11 and included in the WHO review on 
interventions1. They are likely to be important in comprehensive evaluation of the human health 
effects of noise interventions.  

4. CONCLUSIONS 
There is wide and increasing demand for innovative approaches to decrease the negative impact of 

noise by sound-conscious design. However, evidence on the effectiveness of these interventions is still 
very limited. In order to stimulate the evaluation of noise-related interventions the typology of 
interventions should be as concrete as possible. We propose an extension of the Type E category of 
interventions and name it Social Intervention. Also we suggest to include soundscape planning 
interventions as a specific subcategory of Type D interventions. It is also concluded that interventions 
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related to changes in the physical environment combined with stakeholder involvement might create a 
sense of ownership and personal control. Via that pathway this might lead to a reduction of annoyance 
and other aversive consequences..  
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ABSTRACT 
Road traffic is the main source contributing to noise exposure in urbanized areas. With the rapid urbanization 
and increasing attention on the way sound can affect health and wellbeing, the question is how to shield 
ourselves from harmful effects. In the most common noise intervention studies only large-scale interventions, 
like noise barriers along a highway, are assessed. The effects on health and wellbeing are based on rough 
estimations of sound reduction. In this study, the effects of a small scale intervention on annoyance and sleep 
disturbance will be investigated, considering relative changes in dose-response relationships to account for 
local effects. It will give more insight into the subtle changes due to interventions on a local scale, providing 
more detail additional to existing conventional studies.  
To develop this methodology an intervention study in Rotterdam was taken as a test case. The location and its 
intervention were modelled using a 3D geometrical acoustics software (Olive Tree Lab). The predicted noise 
reduction due to the interventions, as well as the predicted health effects, were compared with measured data 
and local surveys. The results shed a light on the suitability of this approach to predict health effects due to 
interventions at a local scale. 
 
Keywords: Intervention, Mitigating Measures, Exposure Response Functions, Health effects, Annoyance, 
Sleep disturbance 

1. INTRODUCTION 
In 2014, 54% of the world population lived in urban areas. It is predicted that by 2050 this will 

increase to 66% (1). This increasing urbanization comes with an increase of infrastructure and 
industrial areas in and around cities, creating major sound sources that can affect a large number of 
people. Possible effects of noise on people can be: hearing damage, sleep disturbance, annoyance, 
increased risk to get cardiovascular diseases, increased blood pressure and cognitive impairment. The 
world health organization (WHO) estimated in 2011 that 1.0-1.6 million healthy life years are lost due 
to noise exposure (2). 

Road traffic is the main source contributing to noise exposure in urbanized areas. To shield 
ourselves from the harmful effects, interventions are needed. The available studies on the effect of 
interventions on levels from road traffic noise and health effects are limited due to the difficulty of 
doing measurements before and after the interventions. When available, studies mainly focus on 
large-scale interventions, like barriers along a highway. These areas are more likely to be less densely 
populated than inner city areas, where the rapid urbanization will play a major role. Also, the effect on 
health and wellbeing is often based on rough estimations of sound reduction (3). 

In this study, the focus is shifted to small scale urban areas, investigating the effect of noise  
interventions on annoyance and sleep disturbance. By combining detailed acoustic calculations with 
local survey data, the aim is to provide a method to study interventions on a local scale and get more 
information of their effect on sound, health and wellbeing, and to provide a methodological base for 
further research.  

                                                        
1 m.dohmen@nelissenbv.nl 
2 m.c.j.hornikx@tue.nl 
3 irene.van.kamp@rivm.nl 
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The study is unique in its approach to develop an assessment method combining 3D acoustic 
modeling and available exposure response functions (ERFs) from literature. For this study a test case 
is needed, a location where an intervention has been performed and health and wellbeing data are 
recorded. With these health data and acoustic data (measured and calculated) insight can be given into 
the applicability of generalized ERFs. 

2. TEST CASE 
The following criteria were used for the selection of a Dutch inner-city test case: an intervention 

was performed at the location; survey data on health and wellbeing was available before and after the 
intervention and road traffic is the main source of noise. The chosen location was the Strevelsweg (see 
Figure 1), an intervention study in Rotterdam performed by the Municipal Health Service of 
Rotterdam (GGD) (4). This case pertains a street where the asphalt was covered with a noise reducing 
top layer (Dutch: Dunne Geluidsreducerende Deklaag (DGD)), the goal being to lower the noise level 
on the facades and thereby reducing negative health effects. Before and after the intervention, health 
and wellbeing surveys have been carried out by the GGD. The location is characterized by a wide main 
road with closed building blocks and smaller, secondary roads located parallel to it. 
 

 
Figure 1 – Test case, Strevelsweg (indicated in red) Rotterdam, The Netherlands © OpenStreetMap 

contributors. 

3. THE MODEL 

3.1 Acoustic model 
The location was modelled in the 3D acoustic software application Olive Tree Lab (OTL) from 

Mediterranean acoustics. The advantage of the program is its accuracy, which lies in-between 
commonly used noise mapping software and detailed wave-based calculation programs. The order of 
reflection and diffraction, atmospheric absorption and turbulence, and Fresnel zone corrections are 
taken into account. 

The scenario was abstracted to its acoustically essential form. Buildings were modelled only with 
flat roofs, the ground surface was modeled as acoustically hard and other elements like trees, street 
lanterns and parked cars were not taken into account. Road traffic sound sources were represented in 
the form of an incoherent line source placed at 0,05m height. The acoustic model was verified with 
measurements, see Section 3.2. 

3.2 Prediction model verification 
Acoustic measurements were performed on the location to verify the OTL model. Five measuring 

points were chosen on both sides of the street (see Figure 2). The choice of locations was based on 
noise maps provided by the municipality of Rotterdam (5). At position 1, 4 and 5, low levels of around 
40 dB(A) are indicated. However, position 1 and 4 still have a view on the Strevelsweg and this 
suggests that there is a possibility for direct sound to reach the position and result in higher sound 
levels. Next to measuring point 3, a camera was positioned to record the traffic, which was counted 
afterwards to determine the traffic flow. The measurements were performed with a Tascam DR-40 
recorder with an external ISEMcon ¼” EMM-7101-CSTB microphone mounted on a 1,5 m tall tripod. 
During the recordings, sound events (e.g. people walking past, car door slamming) were noted and 
later removed from the sound file using the Audacity software. The cleaned recording was then 
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processed further in Matlab resulting in a sound pressure level in dB per 1/3 frequency band per 
measurement location. 

 

 
Figure 2 – Noise map with measurement positions (5). 

3.3 The model 
The measurement positions were placed in the model together with two line sources representing 

the two traffic lanes. The counted traffic flow is used as input for the traffic sound power spectrum 
calculation using the CNOSSOS method (6). The resulting spectrum was used in OTL as a line source.   

The results from the measurements were compared to the modeled results of OTL. Settings (e.g. 
number of reflections, diffractions etc.) in OTL were adjusted, such that the model are in satisfactory 
agreement with the measured results.  

From the verification process it was determined that the situation as it was at the time of the 
measurement (d.d. 2018) mostly resembled the situation before the intervention, a road surface with 
regular asphalt. This can be attributed to the fact that the measurements were performed 5 years after 
implementation of the noise reducing top layer. It is commonly known that noise reducing top layers 
have a short lifespan and therefore it might have been at the end of its performance at the time of the 
measurements.  

While the calculated noise exposure in Lden ranged from 58 to 77 dB(A), two thirds of the receiver 
positions had an Lden of over 70 dB(A). It was observed that receiver positions located further from the 
line sources experienced a larger deviations in calculation results (up to 5 dB(A)) when calculations 
were repeated. 

3.4 Acoustic data for the Exposure Response Function (ERF) 
To develop a local ERF, a connection needs to be made between survey data on annoyance and sleep 

disturbance and the exposure. Exposure is measured in the form of Lden 2 m from the façade at a height 
of 4 m. Therefore, the model was expanded with more receivers, placed at the addresses where survey 
data were known, see Figure 3. With this model, both the before and after intervention exposure can be 
calculated. The available survey data were spread over a large area and not all receiver positions with 
available survey data were included in the model. Only the positions that experienced a change in 
sound exposure according to the research by the GGD were included in the model. 
 

 
Figure 3 – Positions where survey data was available © OpenStreetMap contributors. 
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4. SURVEY DATA 
The survey for the GGD research had a total of 69 respondents spread over multiple zip code areas. 

Only 28 respondents could be detected that lived in an area exposed to the noise of the Strevelsweg. 
The remaining group was used as a control group.  

Within the survey, people were asked to rank their noise sensitivity, rate their satisfaction with their 
living environment on a number of domains including a general rating, noisiness, safety and visual 
quality. 29% Percent of the people in both the exposed and the control group indicated that they were 
noise sensitive. Remarkable was that within the exposed group, less people evaluated their 
neighborhood as noisy compared to the control group (56% vs. 78%) whilst the sound levels in the 
exposed group are significantly higher than in the control group. Another noteworthy result was that 
the general satisfaction with the environment (rating above 8/10) decreased from 11.5 to 7.7 % after 
the intervention. This can be due to the dissatisfaction with the results of the intervention, because only 
10% of the people expected a change in noise due to the intervention. Finally, the number of people 
experiencing annoyance or sleep disturbance was higher in the control group than in the exposed group. 
The number of people (highly) annoyed and (highly) sleep disturbed before and after the intervention 
can be seen in Figure 4 and 5. To be classified as highly annoyed or sleep disturbed the rating on the 
“annoyance/sleep disturbance by road traffic noise” needed to be equal to 8 or higher on a 11-point 
scale from 0-10, for annoyed/sleep disturbed the rating needed to be equal to 5 or higher. 

 

Figure 4 – Number of people (highly) annoyed (A) in the exposed group (n=28), before and after the 

intervention 

 

Figure 5 – Number of people (highly) sleep disturbed (SD) in the exposed group (n=28), before and after the 

intervention 
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4.1 Analysis and interpretation of exposure response functions 
Exposure effect relationships used in decision making processes, like those in literature reviews 

preceding the WHO guidelines (the Miedema curves (7, 8)), are aggregated from many (steady state) 
studies of large groups all over the world. The applicability of these relations to lower scale areas can 
be questioned. At low scale, contextual factors like opinions on neighborhood quality, noise sensitivity, 
start to play a role in the perception of sound. These contextual factors are ignored in generalized data. 
The goal in this study is to see if the generalized curves can be used to obtain accurate results regarding 
the prediction of the percentage (highly) annoyed or sleep disturbed. This was done by using survey 
data of the Strevelsweg before and after the intervention. These data were compared to the predicted 
levels of percentages highly annoyed (HA) and sleep disturbed (SD) of generalized curves at the 
corresponding level. An important note is that information on predicted levels of percentages of lower 
level annoyance and sleep disturbance is unavailable in the new WHO review on ERFs (9) or recent 
Dutch studies.  

The survey dataset from the Strevelsweg consisted of 69 respondents, however only 28 where 
located directly along the Strevelsweg. Due to the small dataset, the number of people who 
experienced high annoyance or high sleep disturbance was limited, see also Figure 4 and 5. In addition, 
the majority of the exposed group had a calculated Lden above 70 dB(A) before the intervention as well 
as after, the other noise classes were therefore not represented well. The choice was made to not 
analyze the percentage HA and HSD but to analyze the percentage A and SD. The sound exposure was 
further processed in categories of 5 dB(A) instead. The ERFs will be displayed as a function of 5 dB 
Lden and Ln categories ranging from 50-80 dB(A).  

 
The downside of this method is twofold, firsly a change in A or SD cannot be read from the curve if 

the exposure change is within a Lden or Ln category. Second, the most recent ERFs (d.d. 2018) from the 
WHO (9) cannot be compared to the local curves, since these only predict the percentage HA and HSD. 
The Miedema curves (d.d. 2001 for annoyance and d.d. 2007 for sleep disturbance) predict percentage 
of low annoyance, annoyance and high annoyance as well as for sleep disturbance. These curves may 
be older, but are not outdated; they are still used for governmental and research purposes at a European 
level and international level. 

 

4.2 Local exposure response functions 
In Figure 6 and 7 the ERF, composed of the calculated noise levels and the survey data, before and 

after the DGD intervention can be seen for annoyance (A) and sleep disturbance (SD) together with the 
Miedema curves (7,8) respectively. In both cases the local curves lie underneath the Miedema curve. 
The annoyance curve follows the same trend as the Miedema curve up until the 55-60 dB(A) category, 
after the local curve continues at a more constant level and the Miedema curve increases rapidly. The 
local SD curve follows the trend of the Miedema curve quite closely, however the after curve is higher 
than the before curve indicating that the sleep disturbance increases after the intervention. However, 
the shift in the curve is small (2%) and the explanation may lie in the limited data used for fitting the 
curve. In the before situation, the number of people SD are 1 and 5 in category 60-65 and 65-70 dB(A) 
respectively. In the after situation there are 5 people SD in category 60-65 dB(A) and only one in 
category 65-70 dB(A). Therefore, in the after situation the maximum is shifted more towards the 
middle of the noise exposure scale, moving the curve upwards. In theory these could be the same five 
people from the before situation, being equally annoyed in spite of the level change. 

There are a few remarks which have to be made regarding these graphs. First point concerns the 
study group on which the Miedema curve is based. The exposure levels within this group are mainly 
below 60 dB(A), the annoyance response above this level is extrapolated from the response in the 
lower exposure levels, so this is a mere prediction. The fact that the local annoyance curve follows the 
trend of the Miedema curve until 60 dB(A) is promising.  

Second point concerns the confidence interval, in the graphs the 95% confidence interval is 
displayed, however a tolerance level can also be used. The tolerance level is higher/wider than the 
confidence interval, which makes it more likely that the local curves will fall within the tolerance 
limits than in the confidence interval. Unfortunately, applying the tolerance limits for the Miedema 
curves in the graphs below was not feasible within this study, due to the small sample size. 
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Figure 6 – Calculated local ERF for annoyance before the placement of the noise reducing top layer (DGD) 

and after, compared to the Miedema curve with 96% CI. 

 

 
Figure 7 – Calculated local ERF for sleep disturbance before the placement of the noise reducing top layer 

(DGD) and after, compared to the Miedema curve with 96% CI. 

4.3 Predictions by Exposure Response Functions 
The local curves, in theory, can be used to predict the effect of other interventions on health and 

wellbeing. The method to do this is by looking at the population within one exposure group, e.g. 65-70 
dB(A), and see what the curve predicts. In the case of the SD after curve this is 18.1% SD for the A 
after curve this is 14.5% A. The same method could be used to verify the results from this study, 
however the population is too small to do this. When looking at a specific exposure group, especially 
with lower levels, the groups are small. This can lead to misleading results, e.g. in a group of four 
people where one person as an annoyance score above 5 (experiences annoyance) the whole group is 
25% annoyed, whilst the curve might suggest a 10% annoyance.  

It should be kept in mind that annoyance and sleep disturbance differ per person and the percentage, 
which is presented by the curves, should not to be taken as an absolute figure. When analyzing the 
effect of an intervention it is better to look at the change in percentage rather than the actual percentage 
itself. As an example, a group of 25 people is taken who were in exposure category 65-70dB(A) before 
the intervention and in 60-65 dB(A) after the intervention. It is better to say they had a change of 1.2% 
in SD and 4.9% in A rather than 16.8% of the group was SD before and 15.6% or 17.4% was A before 
and 12.5% after. 

When looking at this relative change, it can be seen that the Miedema curve can predict the local 
response of SD well, due to the similar slopes. For A this is also true up until 60 dB(A). 
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5. DISCUSSION  
The goal of this study was to develop a method to analyze the effect of noise exposure on health and 

wellbeing on a smaller scale and to see how local ERFs compare to generalized ones. It was found that 
generalized ERFs as used in current policy documents do not predict the percentage annoyed or sleep 
disturbed well in the terms of absolute values, as the local curves, modelled in this study, lie below the 
generalized curve. However, for sleep disturbance, the trend of the Miedema curve and the local curve 
was the same, meaning that the relative change in sleep disturbance can be predicted by the 
generalized Miedema curve. Regarding annoyance, a similar relative change was also found until the 
noise exposure category 55-60 dB(A). The position of the local curves below the Miedema curves is in 
contradiction with the findings of the literature study. In intervention studies most local curves were 
located above the Miedema curve and that Miedema under estimated the health effects (10-17). 

5.1 Strengths and limitations 
The strengths of this study lie with the unique approach of using modelled sound data and survey 

data on such a small scale. The method used shows promising results, however there are limitations to 
the acoustic model that was used. The acoustic model was made using just one ground type. The 
Strevelsweg shows a variation of ground types since in-between the two traffic lanes a strip of grass is 
present, as well as areas of grass are present in the side streets. It was however not possible to take into 
account more than one ground type in the modeling program without it producing errors. In addition, 
performing calculations with higher order diffractions was not possible without errors, therefore the 
measurement positions located in parallel streets to the Strevelsweg have no modeled data. Finally, 
there were large difference between identical calculations, although some difference is expected since 
it is a random model, deviations of up to 5 dB(A) were found. This makes the modeled data unfit to 
base definitive conclusions on. Therefore the exposure levels were clustered into categories of 5 
dB(A).  

 
The survey data used had its limitations as well. As stated many times already, the database was 

very small due to the low response rate to the survey, however when initially thought to be working 
with a population of 69 people, this decreased to 28 when just the people are taken into account for 
which the interventions affected the noise levels. But even when the exposed group would have been 
larger, the OTL process would also have restricted the size of the modeled location and thus the 
exposed group. 

Within the survey, it was found that some questions were not asked in the traditional, standardized 
way. For example, the annoyance and sleep disturbance due to road traffic was split into road traffic 
(meaning cars) and scooters. The questions making up the Groningen sleep scale were also not 
complete, some questions from the original protocol had have been left out. There were also adjectives 
added to the question relating to the perception of the sound environment. There is little consensus in 
the population regarding the meaning of these extra adjectives, therefore they have little added value 
to the study. 

Finally, the distribution of the participants over the different exposure categories was not even. The 
population in the highly exposed group was dominant which makes predicting effects in low exposure 
categories nearly impossible because conclusions are based on the information from one or two 
people. 

6. CONCLUSIONS 
In this study it was assessed if it is possible to develop a method to quantify the effects of road 

traffic noise interventions on health and wellbeing on a small urban scale. For this purpose, a 3D 
acoustic model is used (Olive Tree Lab), combined with survey data from a study performed by the 
municipal health service of Rotterdam (GGD).  

The location under investigation was the Strevelsweg in Rotterdam, where a noise reducing top 
layer has been applied to the road surface in 2013. Before and after the implementation of the 
intervention, questionnaire surveys have been performed by the GGD. Using a 3D model of the 
location, the noise levels on the facades of the participants were modeled before and after the 
intervention. The model was verified with measurements. The results from the survey regarding 
annoyance and sleep disturbance related to road traffic noise were combined with the modeled noise 
exposure to create local ERFs.  
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The combination of modelled sound data and survey data on such a small scale is unique and the 
method applied in this study shows promising results, however it has shown that a much larger survey 
population is needed to verify the results and to find results with meaning. In addition, extensive 
measurements data or a higher consistency and applicability of the prediction method are needed to 
obtain more accurate results.  

ACKNOWLEDGEMENTS 
This study is carried out under commission of the Ministry for Infrastructure and the Environment 

in the Netherlands, department Climate, Air and Noise (KLG) - Now Infrastructure and 
watermanagement. M/240039/18/SI. This study was made possible with the help of Mediterranean 
acoustics, Tom Koeman (the Municipal Health Service of Rotterdam-Rijnmond (GGD)), Lex Burdorf 
(Erasmus MC) and Lex Brown (Griffith University). Maps were made available by © OpenStreetMap 
contributors under the Open Database License which can be found at 
www.openstreetmap.org/copyright  

REFERENCES 
1. United Nations, Department of Economic and Social Affairs, Population Division (2014). World 

Urbanization Prospects: The 2014 Revision, Highlights (ST/ESA/SER.A/352). 
2. Fritschi L, Brown AL, Kim R, Schwela DH, Kephalopoulos S, eds. (2011) Burden of disease from 

environmental noise. Bonn: World Health Organization, ISBN: 978 92 890 0229 5 
3. Brown, L., Van Kamp, I. (2017) WHO Environmental Noise Guidelines for the European Region : A 

Systematic Review of Transport Noise Interventions and Their Impacts on Health. International journal 
of environmental health research and public health 14, 873; doi:10.3390/ijerph14080873 

4. GGD Rotterdam-Rijnmond, GGD Amsterdam (2015) Ruimtelijk Onderzoek voor betere Advisering op 
het gebied van Milieu en gezondheid ROAM, project information excessed via 
https://www.academischewerkplaatsmmk.nl/projecten/afgeronde_projecten/2015/roam 

5. Gemeente Rotterdam (2017) Geluidbelastingkaart 2017, excessed via 
http://www.si2.nl/eu-kaarten/rdam/2017/geluidsbelastingskaartrtd2017.html. 

6. Kephalopoulos, S., Paviotti, M., Anfosso-Ledee, F. (2012) Common Noise Assessment methods in 
Europe (CNOSSOS-EU). ISSN 1831-9424 

7. Miedema, H.M.E., Oudshoorn, C.G.M. (2001) Annoyance from Transportation Noise: relationships 
with Exposure Metrics DNL and DENL and Their Confidence Intervals. Environmental Health Prospect 
109:409–416. 

8. Miedema, H.M.E., Vos. H. (2007) Associations between self-reported sleep disturbance and 
environmental noise based on reanalyses of pooled data from 24 studies. Behavioral Sleep Medicine 
2007;5(1):1-20. Doi:10.1207  

9. Guski, R., Schreckenberg, D., Schuemer, R. (2017) WHO environmental Noise Guidelines for the 
european Region: A systematic Review on Environmental Noise and Annoyance. International Journal 
of Environmental Research and Public Health 14, 1539; doi:10.3390/ijerph14121539 

10 Brown, A.L. (2015) Longitudinal annoyance responses to a road traffic noise management strategy that 
reduced heavy vehicles at night. Journal of the acoustic society of America 137, 165–176. 

11 Pedersen, T.H., Le Ray, G., Bendtsen, H., Kraugh, J. (2013) Community response to noise reducing 
road pavements. In Proceedings of the INTER-NOISE and NOISE-CON Congress and Conference, 
Innsbruck, Austria, 15–18 Sepetember 2013. 

12 Baughan, C., Huddart, L. (1993) Effects of traffic noise changes on residents‘ nuisance ratings. In 
Proceedings of the 6th International Congress on Noise as a Public Health Problem, Noise & Man, Nice, 
France, 5–9 July 1993; pp.585–588. 

13 Langdon, F., Griffiths, I. (1982) Subjective effects of traffic noise exposure, II: Comparisons of noise 
indices, response scales, and the effects of changes in noise levels. Journal of Sound and Vibration, 83, 
171–180 

14 Öhrström, E. (2004) Longitudinal surveys on effects of changes in road traffic noise-annoyance, activity 
disturbances, and psycho-social wellbeing,” Journal of the Acoustic Society of America 115, 719–729 

15 Öhrström, E., Skånberg, A. (2000) Adverse health effects in relation to noise mitigation—A longitudinal 
study in the city of Göteborg. In Proceedings of the 29th International Congress and Exhibition on 
Noise Control Engineering, Nice, France, 27–30 August 2000; pp. 27–30. 

418



PROCEEDINGS of the 
23rd International Congress on Acoustics 

9 to 13 September 2019 in Aachen, Germany

Transfer Path Analysis of Rumbling Noise in a Passenger Car Based 
on Measured In-Situ Blocked Force'

Sang Kwon LEE1, Tejin SHIN, Yeonsoo KIM, Kanghyun AN
1 Inha University, South Korea

ABSTRACT
The control of rumbling noise is one of the major strategic targets of interior sound quality inside the cabin of 
a passenger car. To effectively control rumbling noise in a passenger car, the transfer path of the rumbling 
noise should be initially identified. It is known that the major source of this noise the combustion force of an 
engine. The combustion force excites the engine and induces vibrations of the powertrain. These vibrations 
are then transferred to the body of the vehicle via its structural transfer path. Moreover, the vibrations of the 
vehicle’s body emit internal vibra-acoustic noise. This noise is often referred to as the rumbling noise due to 
the structural borne path. If there are structural resonances among the structural paths such as the engine, 
transmission, mount bracket, suspension, and the vehicle’s body, the rumbling noise could be amplified. To 
identify the major resonances of the structural transfer path, classical transfer path analysis (CTPA) has been 
traditionally utilized. The method has a significant limitation in that it is necessary to decouple the 
substructures to obtain the contact force between individual components and to identify the transfer path of 
the structure-borne sound. Recently, blocked force transfer path analysis (BF-TPA) was introduced and this 
approach does not require the decoupling of the substructures. In this study, we identify the structure-borne 
path of rumbling sound based on blocked force transfer path analysis (BF-TPA) in a passenger car. In
addition to identification, the passive control method for rumbling sound is presented.
Keywords: Blocked force, Transfer path analysis, Rumbling noise, Powertrain, Interior Noise

1. INTRODUCTION
In order to improve the perception of the sound quality of rumbling noise, passive methods have 

been traditionally used [1]. Noise radiated from the powertrain is an airborne source of rumble noise 
inside a vehicle. A few examples of major airborne sources of noise in a car include intake noise, 
exhaust noise, and the radiation noise of powertrain components including the cylinder block, oil pan, 
front cover etc. The vibration of the powertrain is induced by combustion forces. The combustion 
force transfers to the mounts of the powertrain through the transfer path such as the crankshaft train, 
main bearings, cylinder block and housing of the transmission. The force transferred to the mounts 
excites the car vehicle’s body and induces vibrations. These vibrations, in turn, generate 
vibro-acoustic rumble noise inside the car. This is the structure-borne path of rumble noise which is 
often quite complex. As a classic method to identify the structure-borne noise, classic transfer path 
analysis (CTPA) is used [2]. This method uses the contact force between the powertrain and the car’s 
body at the mount points. The contact force can be measured using various approaches and depends on 
the condition of the subsystem such as the mount bracket and the car’s body. In order to measure the 
contact force, the powertrain and the body of the car should be disconnected. This requires tedious 
work and is time intensive. The contact force should be changed as a result of changes to the boundary 
condition due to the disconnection. Blocked force transfer path analysis (BF-TPA) was recently 
introduced. This method involves the measurement of the blocked force of the main system at the 
contact point of this system and the subsystem. This method does not require the disconnection of both 
systems. The blocked force of the main system is independent of the condition of the subsystem [3].
BF_TPA has been applied to automobile engineering to overcome the difficulty associated with using 
CTPA. This method has been applied to identify the transfer path of road noise and the contribution of 
the suspension mount system to the road noise [4]. In addition, BF_TPA has also been applied to the 
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study of the transfer path of the steering system and other major sources of interior noise associated 
with the power steering system [5]. Validation of the blocked force method for various boundary 
conditions was investigated and applied to identify the blocked force on the suspension system of the 
electric vehicle [6]. A comparison between BF-TPA path, CTPA, and operational transfer path (OTPA) 
methods have been investigated for an electric vehicle [7]. In this study, the BF-TPA method was 
investigated to obtain the blocked force of a powertrain at mount positions, with the goal of identifying 
the contribution of each mount to rumble noise [8]. Finally, the identified transfer components were 
modified and their effect on the reduction of rumble noise was validated base on the modulation index.

2. THEORY OF TPA

2.1 CTPA 
Let us consider a vehicular system as shown in Fig.1. The system is composed of two subsystems. 

System A is the powertrain and system B is the car’s body as shown in Fig. 2. Both systems are 
connected by several mounts. 

Figure 1. Car system composed of a powertrain system A and car body system B.

(a)                       (b)

Figure 2. Separated car system (a) subsystem A is the powertrain and (b) subsystem B is the car’s body.

In order to predict the interior noise due to the structure-borne transfer path, CTPA has been 
traditionally used and its mathematical expression is given by,

AB B
k ki ip H f               (1)

where ( )B
ikH with units Pa/N is the noise frequency response function (NFRF) of system B 

between the mount point at position i and the driver’s seat at position k under the condition of 
disconnection with system A, if is the operating contact force at the mount point at position i and 

AB
kp is the estimated sound pressure at the driver seat at the k position due to the number of 

structure-borne paths under the coupled condition of system A and system B. System A is the source of 
rumble noise and is excited by the internal force of when the combustion of the engine is initiated.

Therefore, international force of is correlated with the combustion force. This force is transferred to 

the mount position. The operating contact force if at the i mount point acts on system B, which is the 
receiver. The operating contact force can generally be obtained using the stiffness inverse method and 
is mathematically given by:

1B B
i ij jf Y v (2)

where B
ijY is the mobility with unit ms-1 /N between the i-th mount point and the driver seat at 
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the j-th position under the condition of being disconnected with system A. B
jv is the operating 

velocity at the j-th indicator position of system B under the condition of being connected to system A, 
and is given by:

B B
j ij iv Y f (3)

2.2 In-Situ BF-TPA
The blocked forces are the forces required to prevent any vibration of the source. In practice, the 

direct determination of these values is a very difficult task since the process requires an infinitely stiff 
receiver structure. However, the blocked forces can be determined theoretically in an indirect manner 
for a receiving structure with no specific requirements.

Figure 3. Multiple inputs and multiple outputs for a linear system

According to the mobility theory for a linear system as shown in Fig.3, the equations that describe 
the system are given by

1 11 12 1

2 21 22 2

v Y Y f
v Y Y f

                                        (4)

where ijY is the mobility for the velocity response   jv with respect to input force if . Based on 
this theory, a coupling system such as the car system examined in this investigation is shown in Fig.1.
The major advantage of the BF-TPA is that theoretically, it does not impose any specific requirements 
while CTPA requires the decoupling of system B from system A to facilitate measurement of the noise 
transfer function , ( )B

k iH and the mobility function , ( )B
i jY . The velocity vector v can be expressed 

by:
0 0
0 0

0 0
00 0

A A A
oo oo oi
AA A A

ii io ii
BB B B

ii ii ik
B B B
k ki kk

fv Y Y
fv Y Y
fv Y y

v Y Y

         (5)

In this case, the upper part is related to the mobility of the powertrain system A, and the lower part 
is related to that of the car body system B. In order to couple both subsystems, the boundary condition 
at the interface position i should be satisfied as follows:

Velocity condition:   A B
i iv v            (6.a)

Force condition:   A B
i i if f f                  (6.b)

The vibration response at position k in the system B can be expressed by the blocked force b
if ,

which is applied to the coupled system AB at position i. It is given mathematically by:
B AB b
k ki iv Y f                                            (7)

From Eq. (7), Eq. the blocked force can be expressed as:

1b A A
i ii io of Y Y f                                       (8)

The acoustic response at the k position is given by:

B AB b
k ki ip H f                                         (9)

where  AB
kiH is the coupled noise transfer function with units Pa/N. As previously mentioned in 
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this section, since the direct measurement of the blocked force is a very difficult task, indirect 
measurement can be obtained by substituting the measured operating velocity at the indicator points j 
of system B into Eq. (7), similar to the case shown in Fig. (2),

1b AB B
i ij jf Y v                                        (10)

3. APPLICATION OF IN-SUIT BF-TPA TO RUMBLE NOISE

3.1 Description of a test vehicle and measurement equipment.
The test vehicle is an economy-sized car with a 1.5-liter gasoline engine. Fig 4 shows the 

arrangement of the powertrain on this vehicle and the sensors used to measure the interior sounds and 
vibrations. The test car was accelerated from 1000 rpm to 6000 rpm under a wide open condition of the 
throttle body. The sensor used for the measurement of the interior noise was a 1/2 inch microphone 
(Bruel & Kjaer, 4506). The microphone was installed at the driver’ ear position. For the measurement 
of the motility functions between the mount positions and the indicator positions, the impact hamper 
(PCB, 086C03) was used to excite the indicator positions and three indicator accelerometers (Endevco, 
65HT 10704) per mount were used to measure the vibrations at the mount positions of the body side 
under the coupled condition of the powertrain and body. The indicator positions are presented with 9 
red color points as shown in Fig. 4.

Figure 4. Scheme of the test vehicle and the position of the sensors attached to the test vehicle to measure 

the interior sounds and vibrations.

The operating vibration at the nine indicator positions was also measured during the acceleration. 
For the measurement of the noise frequency function AB

kiH , the acoustic source (LMS, Low-frequency 
Q-source) was installed at the driver seat and tri-axial accelerometers (Endevco, 65HT 10704) were 
attached at each mount position for the measurement of the vibration of the body side and engine side. 
A total of 6 block color points in Fig. 4 identify these mount positions. Data acquisition was performed 
by the data acquisition system (LMS, Mobile) with sampling at 2048 Hz.

3.2 Problem definition
Interior noise was measured using a microphone located at the driver’s seat position as shown in 

Fig.4. Fig.5 shows a color map for the interior sound measured inside of the test vehicle during 
acceleration. Heavy rumbling noise at the frequencies of 450 Hz and 590 Hz was detected as shown in 
Fig.5. Rumbling sound occurred due to the modulation of the harmonic orders of the rotating 
frequency of the engine’s crankshaft. C1.5, C3, C4.5 and C6 denote the number of harmonic orders. 
The objective of this investigation was to reduce the rumbling noise and improve the perception of 
rumbling sound quality.
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Figure 5. Spectrogram of the interior noise measured at the driver ear position inside of the test vehicle.

3.3 Estimation of the interior noise based on In Suit BF-TPA
The interior noise was estimated using Eq. (9), based on the In-Suit BF-TPA method. Fig. 6 shows 

a comparison of the measured interior noise with the interior noise estimated using the In-Suit BF-TPA 
method in the frequency band of rumble noise. According to these results, there is a difference between 
the measured noise and the estimated noise above 3500 rpm as shown in Fig. 6(a). The estimated 
rumble noise is the only due to structure-borne path. Therefore, the difference is due to the airborne 
path. In particular, the effect of the airborne path in the frequency band at 590 Hz is more significant 
than in the case of the 450 Hz band, as shown in Fig. 6(b) and (c). Considering the latter, the 
structure-borne path is dominant compared to the airborne path below 4500 rpm as shown in Fig. 6(b).
The modification of the structure-borne path can reduce rumble noise at a frequency band of 450Hz. 
This modification can improve the perceived sound quality of the interior noise.

Figure 6. Comparison of the measured interior noise with the interior noise estimated using the In-Suit 

BF-TPA method for the frequency band (a) 400-650 Hz (b) 400-500 Hz (c) 550-650 Hz

2000 2500 3000 3500 4000 4500 5000 5500 6000

Engine Speed (rpm)

40

50

60

70

80

SP
L 

[d
B

]

400-650Hz

Measured

Estimated

2000 2500 3000 3500 4000 4500 5000 5500 6000

Engine Speed (rpm)

40

50

60

70

80

SP
L 

[d
B

]

400-500Hz

Measured

Estimated

2000 2500 3000 3500 4000 4500 5000 5500 6000

Engine Speed (rpm)

40

50

60

70

80

SP
L 

[d
B

]

550-650Hz

Measured

Estimated

10dB

423



Figure 7. Contribution analysis for transfer path of rumbling noise based on In Suit BF-TPA at an engine 

speed of 3000 rpm.

Figure 8. Contribution analysis for transfer path of rumbling noise based on In Suit BF-TPA at an engine 

speed of 5500 rpm.
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For the modification of the structure-borne path, the contribution of the paths should be identified. 
Fig. 7 shows the contribution of the structure-borne paths of the rumbling noise at 3000 rpm. The 
blocked force is dominant at the roll mount in all direction and the engine mount in the z-direction is 
shown in Fig. 7(a). The noise transfer function of the car’s body shows that the engine mount is a major 
path in the z-direction as shown in Fig. 7(b). Therefore, the sound pressure contribution of each path is 
plotted as shown in Fig. 7(c). The major path contribution to rumble noise in the frequency range at 
approximately 450 Hz is the engine mount in the z-direction and the roll mount in all directions as 
shown in Fig. 7 (d) and (e). Even at approximately 590 Hz, these two paths are important as shown in 
Fig. 7 (f). Fig. 8 shows the contribution of the structure-borne paths of the rumbling noise at 5500 rpm. 
The blocked force is dominant at the roll mount in all direction and the engine mount in the z-direction 
is shown in Fig. 86(a). The major transfer paths of the structure-borne rumbling noise are the engine 
mount in the z-direction and the roll mounts, similar to those at 3000rpm as shown Fig. 86(c). At a 
frequency of approximately 590 Hz, the measured noise is higher than the estimated noise as shown in 
Fig. 8 (d) and (f). This noise level difference is due to the airborne path.

4. FEASIBILITY TEST
Fig. 9 shows the frequency spectrum for the time-averaged data at approximately 3000 rpm. From 

these results, it can be concluded that the added mass was effective in reducing the structure-borne 
noise in the frequency range from 400 Hz to 500 Hz at engine speeds of 3000 rpm. 

Figure 9. Effect of added mass on rumbling noise based on spectrum analysis for the time averaged data at 

approximately 3000 rpm

5. CONCLUSIONS
This investigation involved an examination of the theoretical difference between CTPA and In Suit 

BF-TPA. The CTPA method utilizes contact forces at the mount position while In Suit BF-TPA uses 
blocked forces. The blocked force is independent of the structure of the car’s body. In view of the 
intended application, the difference of both methods is a coupling condition of powertrain with car’ 
body. The CTPA method requires a decoupling of the source and receiver to measure the contact force 
and to predict the vibration and noise at the target point on the receiver. However, In Suit BF-TPA does 
not require a decoupling. This is an advantage because the disconnection of the source and receiver 
results in lost time and causes a change in stiffness of the system. Finally, Suit BF-TPA was utilized to 
identify the transfer path of the rumbling noise and the structure-borne path of the rumbling was well 
identified. 
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ABSTRACT 
In-situ TPA measurements provide blocked forces that can be used to diagnose structure borne noise 
problems in vehicles.  One of the main advantages of in-situ TPA, also known as blocked force TPA, is that 
all measurements are made with the source and receiver in a coupled state making measurements easier and 
ensuring representative operation of the vibration source. Perhaps the greatest advantage however is that the 
blocked forces obtained, unlike contact forces, are an intrinsic property of the vibration source which means 
they remain valid for modified or completely different receiver structures. In the paper, real world practical 
examples that exploit the advantages of in-situ TPA in terms of structure borne noise prediction and structural 
modification are presented. The first example is of a complex vibration source coupled at multiple points 
through six degrees of freedom per interface to a test bench that is subsequently built into a new assembly for 
which structure borne noise predictions are made. A further example is then used to demonstrate how 
structural modifications can be made to the receiver side of an assembly for the purposes of troubleshooting 
noise and vibration problems using in-situ TPA. 
 
Keywords: Transfer Path Analysis, Structure-Borne Noise, Sub-Structuring 

1. INTRODUCTION 
In-situ transfer path analysis (iTPA) and conventional transfer path analysis (TPA) bear many 

similarities in terms of their application but the former has two distinct advantages. The first advantage 
is that to implement an iTPA it is not necessary to separate the source and receiver structures during the 
measurement of frequency response functions because the assembly is kept in the coupled state for all 
measurements. The second advantage is that the iTPA approach yields blocked forces , an intrinsic 
property of the source, whereas conventional TPA provides the operational forces at the 
source-receiver interface. This subtle difference is perhaps the most significant advantage overall 
because modifications to the receiver structure can be made and the blocked forces, by definition, 
remain valid. Interface forces (from conventional TPA), on the other hand, are a property of the 
assembly and could therefore change significantly with only minor alterations to a receiver structure .  

Beyond TPA, this freedom to transfer blocked forces from one assembly to another presents further 
benefits because it allows one to characterize the vibration activity of a source on a test bench and to 
use the same blocked force dataset to virtually excite modelled systems obtained by experimental 
sub-structuring, FEA, SEA or hybrid methods [1]. 

In this paper two case studies are presented to (a) illustrate the application of the blocked force 
methodology combined with sub-structuring for the prediction of structure borne noise in a train and 
(b) to demonstrate the application of structural modification as a noise/vibration control measure.  

For (a) an air generation and treatment unit (or AGTU) is characterized in terms of its blocked 
forces using measurements on a test bench.  This data is then combined with frequency response 
functions of the AGTU and the train to predict structure borne noise. Comparisons are then made to 
actual measurements of the structure borne noise with the AGTU installed on a train.  Case study (b) 
then demonstrates how design changes can be investigated by sub-structuring simple idealized 
elements to this system using the combined methodology. 
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2. THEORY 
In this section of the paper the theory of in-situ transfer path analysis (iTPA), sub-structuring and 

structural modification are outlined setting out the key terms and relationships used throughout the 
paper. Useful references for the interested reader include [2-7].   

2.1 In-situ Transfer Path Analysis 
The blocked force, , of a structure borne sound source can be obtained from measurement 

in-situ using the equation, 
 (1) 

 
where f, Y and v are force vectors, mobility matrices and velocity vectors respectively. 

Here, the uppercase subscript, S, denotes a property of source structure alone and, C, a property of 
the coupled source and receiver assembly. The additional lower-case subscript, bl, indicates a blocked 
condition. It is important to note here that blocked forces are a property of the source, S, and not the 
assembly, C, even though the source and receiver are coupled during measurements [2,3]. 

When performing an iTPA it is usual to measure a further set of frequency response functions, , 
at the same time as measuring,  , which relate forces at the source-receiver interface to a target 
location (e.g. sound pressure or floor vibration).  For the case of sound pressure,  , we may write, 

  
 (2) 

 
The combined dataset then allows one to investigate contributions to the interior noise from 

different paths by setting elements of the blocked force vector to zero and repeating the calculation ; 
thereby eliminating contributions from one or more paths [7]. This in turn allows one to identify the 
strongest paths, the strongest forces and their combined contributions to a vehicles interior noise.  

For example, in some cases just one source-path combination may dominate and, once identified, 
measures can potentially be taken to resolve the issue by structural modification. The advantage of 
iTPA with respect to conventional TPA is then that changes to,  , can be investigated without any 
concerns regarding the potential effect on the interface forces (which are likely to be quite sensitive to 
changes made to the receiver structure).  

2.2 Sub-structuring and Structural Modification 
The mobility of the source-receiver interface, YC, is a combination of the passive properties of the 

source and receiver sub-structures, YS and YR respectively. YC can expressed as the inverse of sum of 
the source and receiver impedances ZS and ZR, where , i.e. 

 
 (3) 

 
Similarly, the mobility of a structurally modified assembly,  , or receiver, ,can be obtained by 
sub-structuring using the equations,    
 

 (4) 
 

 (5) 
 
where the dash denotes a structurally modified component or assembly and, , is the matrix of 
elements that are used to make the modification. For example, this could be a matrix of ideal mass or 
stiffness elements or more complex components such as beams, plates or resonant absorbers.  The key 
point to note is that the blocked forces from equation (1) can again be used to excite these modified 
structures because blocked forces are an intrinsic property of the source.  For example, equation 4 in 
combination with Equation 1 can be used to predict vibration levels at the source-receiver interface of 
a modified assembly using data describing the individual sub-structures. 

Perhaps more usefully however, the frequency response function,  , from equation (2) which 
relates forces at the interface to a point of interest can also be obtained by sub -structuring using the 
equation, 
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 (6) 

 
where,  , is a vibro-acoustic frequency response function for the receiver structure alone 

Similarly, we may also write,   
 

 (7) 
 
Where, , is a vibro-acoustic frequency response function of an assembly where the receiver 

structures mobility has been modified using equation (5).   Note that  is the actual 
force applied to the original receiver structure, , and that this will not be the same force applied to 
modified assembly, , because, 

 
 (8) 

   
Note also that because, , may no longer be equal to, , the vibro-acoustic frequency response 

functions relating forces at the interface to a response location might also be changed. A discussion 
regarding how  may be obtained in practice is given later in the paper. 

3. Prediction of Structure Borne Noise  
In this section of the paper a case study is presented that demonstrates the real-world application of 

equations 1, 2 and 6 for the prediction of structure borne noise within a train. This involved the 
measurement of source blocked forces, source mobility, receiver mobility and a set of vibro-acoustic 
frequency response functions for the train (without the vibration source installed).  The passive FRF 
data was then combined to make an experimental model of source-receiver assembly and this model 
was excited using measured blocked forces to predict structure borne noise within the train carriage.    

3.1 Blocked Force Measurements 
An air generation and treatment unit (AGTU) was characterized in terms of its mobility and 

blocked forces taking into account six degrees of freedom at each connection point (three translational 
and three rotational) with the AGTU supported on air springs as shown in figure 1. In order to take into 
account six degrees of freedom at each connection point four accelerometers were oriented in the 
vertical z direction in order to capture translation in the z axis and rotation about the x and y axes. Two 
further accelerometers oriented in the x direction then capture translation in the x direction and 
rotation about the z axis. A single accelerometer was the oriented in the y direction to capture the 
remaining degree of freedom. A description of the method used can be found in [8].    

After performing measurements with the source resiliently mounted on air springs the source was 
then rigidly coupled to the test bench as shown in figure 1b.  In this configuration an additional 
accelerometer was installed at a remote location on the test bench. The measurements were then 
repeated but this time obtaining  and  to satisfy equation 1. The combination of measurements 
in the free and rigidly coupled conditions on the test bench allowed the blocked forces to be va lidated 
using two methods: 

 
1. The blocked forces from the free and rigidly coupled test setups were compared for each 

degree of freedom to confirm they were not affected by the boundary condition, and  
2. The blocked forces obtained from the freely suspended condition were used to make a 

prediction of the test bench vibration at a remote location away from the interface.  
 
In theory both of the above should be satisfied because equations 1 and 2 are known to be exact for 

linear, time invariant systems. However, experimental uncertainty and the number of degrees of 
freedom included in the model are known to affect the agreement between blocked forces measured in 
different states and this in turn affects the accuracy of any subsequent sound or vibration predictions. 
Furthermore, in some cases it is possible that source operation could be affected by the mounting 
condition, i.e. the source’s behavior can be altered. Thus, by making checks 1 and 2 above the 
reliability of the blocked force data for structure borne noise predictions on the train can be assessed.  

429



 

 

  

 

 

Figure 1: (a) Air compressor installed on test bench 

supported by air springs (top left) (b) air compressor 

installed on test bench by rigid coupling, showing also 

the position of the validation reference sensor (top 

right) and (c) instrumentation of the interface used to 

capture 6 degrees of freedom (bottom left). 

 

 

Shown in figure 2 is a comparison of the blocked forces measured in the free and rigidly coupled 
states for one of the AGTU connection points in the vertical z direction. It can be seen that blocked 
forces measured under both mounting conditions agree well over the majority of the frequency range 
shown (20-2000Hz). Note that the operation of the AGTU was found to vary from one day to the next 
by a similar order of magnitude, perhaps due to variations in environmental conditions  (as observed in 
acceleration measurements made on the core of the compressor). 

Shown in figure 3 is the reference vibration level measured on the test bench with the AGTU 
operational (blue line) when mounted as shown in figure 1b. This is compared to a prediction of the 
vibration acceleration obtained using the blocked forces measured in the free condition (data check 2 
above). Except for a few tonal peaks the agreement between measurement and prediction is very good, 
especially when the repeatability of the AGTU’s operational behavior is considered.   

 

 
Figure 2: Comparison of blocked forces measured on the test bench under two different boundary conditions 

- rigidly coupled (blue) and mounted on air springs (red). The blocked forces obtained under both boundary 

conditions are in good agreement despite the different mount conditions demonstrating that the data is 

independent of the installation condition [9]. 
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Figure 3: Prediction of test rig reference vibration levels in the vertical z direction with the AGTU operational. 

The blue line shows the actual vibration level measured on the test rig when the source and receiver were 

rigidly coupled, and the orange line was predicted using in-situ measured blocked forces obtained when the 

source was freely mounted [9]. 
 
 

3.2 Sub-Structuring 
With the blocked forces of the compressor validated as described above a further measurement 

campaign was carried out to validate the full prediction methodology.  In order to do so frequency 
response function measurements were made on a train with and without the compressor installed and 
the sound pressure inside the train with the air compressor operational was measured.  A photograph of 
the AGTU installed on the train is shown in figure 4 below.  

 
 

 
 

Figure 4: The air generation and treatment unit (AGTU) installed on the train.  
 
In order to make a prediction of structure borne noise in the train it was first necessary to perform 

measurements of the train mobility at the degrees of freedom where the AGTU was to be mounted and 
of the transfer functions relating the interface degrees of freedom to the interior sound pressure. This 
was done by instrumenting the train using the same accelerometer arrangement as shown in figure 1c 
but with an additional three microphones in the train carriage. This test setup allowed the simultaneous 
acquisition of the train mobility and the vibro-acoustic frequency response functions by exciting, one 
by one, all the interface degrees of freedom. Once these measurements had been completed the AGTU 
was reinstated and the interior structure borne noise was measured for validation purposes. 

The final result of this section is therefore a comparison of the train interior noise with a prediction 
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of the structure borne component of the interior noise obtained using equations 6 and 2 (see figure 5). 
Note that the measurements on the train were performed in a reverberant space (a factory) and that the 
measured train interior noise can be expected to include both the structure borne component and a 
flanking airborne paths, e.g. through door seals and windows, so one would not expect a perfect 
comparison. Nevertheless, the prediction result is very encouraging with most of the frequency range 
shown displaying a good agreement between the measured and predicted response (the difference to in 
the overall A-weighted sound level was 2.5dBA). The under prediction in the frequency range 
1000-2000Hz is thought to be in part due to airborne transmission.  Recall also that the source 
repeatability may not be perfect, for example it can be seen that the operational speed of the AGTU on 
the train was slightly lower than on the test bench.   

 
Figure 5: Prediction of structure borne noise in the train with the AGTU operational (dashed red line) 

compared to the actual interior noise (solid black line). The y-tick divisions each represent 10dB. 
 

4. Structural Modification 
As explained in the introduction and theory sections of the paper, one of the main advantages of 

blocked forces over contact forces is that they remain valid even after a modifications to a source 
receiver assembly (providing the modifications are made downstream of the interface). This was 
shown experimentally to be the case in figures 2 and 3 in the previous section. By means of an example 
it is therefore interesting to experiment with the possibility of sub -structuring simple elements or 
components to the coupled source-receiver assembly using equation (4).  The purpose of doing so in 
real world applications would be to investigate the influence of structural modifications to an assembly 
to solve noise and vibration problems. 

Shown in figure 6 is the accelerance of the z-direction at one of the interface points of the 
source-receiver assembly (blue line). To implement the structural modification approach, the 
accelerance of the z-direction degrees of freedom were modified by sub-structuring virtual lightly 
damped springs (of stiffness, k=3x106 Nm-1) to each node of the 4 z-oriented nodes at each connection 
point. Applied in practice, this would have the effect of stiffening the receiver structure in the 
z-direction and rotationally about the x and y axes.  It can be seen in the figure that the orange line 
(representing the modified assembly) now has a lower accelerance than the original source receiver 
assembly.  It can be expected therefore that the vibration at the source receiver  interface will also be 
significantly altered by this structural modification.   

After artificially modifying the source-receiver interface the vibration response of the modified 
assembly was then predicted using equation (1). The resulting vibration level is shown in figure 7 with 
a comparison to vibration the vibration level at the same point prior to structural modification.  It can 
be seen in the figure that the vibration acceleration at the interface (in the vertical z -direction) would 
be reduced significantly in the frequency range 0-800Hz by making such a change to the receiver 
structure.  Similar plots could also be made for the force on the receiver or the transmitted power 
making it a useful tool for the investigation of noise and vibration mitigation measures.  What is often 
required however is the vibration or sound level at a response position that is remote from the 
source-receiver interface.  

As previously mentioned in section 2 of the paper, when the response at a remote location is 
required the process of artificial structural modification is somewhat more challenging because 

432



 

 

equation 7 might then be used and any alteration to the transfer function relating the remote response 
to the interface degrees must also be taken into account. This is inconvenient because additional 
measurement positions are required for every position on the system where a structural modification 
might be made. In such instances it is likely therefore to be more useful to either excite a numerically 
modelled system (e.g. obtained using SEA or FEA) or a modal model obtained by measurement. This 
is a promising area for further research.  

 

 
Figure 6: Example of modification to the accelerance of the coupled source receiver assembly in the vertical 

z-direction. The source receiver assembly was modified by sub-structuring damped springs of stiffness 

k=3x106 Nm-1 to each of the nodes oriented in the z direction (orange line). This is compared to the 

accelerance before structural modification (blue line). 
 
 

 
Figure 7: Example of the influence of artificially stiffening the source receiver interface on the vibration 

acceleration at the interface in the z-direction (orange line). The vibration level of the unmodified system is 

shown as a blue line. 
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5. CONCLUDING REMARKS 
Described in the paper are two case studies that demonstrate the use of the in -situ blocked force 

approach in combination with sub-structuring, sometimes referred to as component TPA. The first case 
study describes measurements made to characterize a real-world vibration source on a test bench and 
the data checks that were carried out to ensure the blocked forces  obtained were suitable for making 
predictions of structure borne noise. Six degrees of freedom were taken into account at each terminal 
of the source structure in these measurements which is unusual for a system of such complexity. The 
blocked force data was then used to make predictions of structure borne noise in a train and it was 
shown that the combined blocked force and sub-structuring methodology provide an estimate that 
agrees with measurements made on the train (within 2.5dBA overall). 

The second case study presented uses the same source-receiver assembly but investigates the use of 
structural modification by means of a simple example. For this case study it is shown how the effect of 
stiffening of the receiver structure can be investigated by sub-structuring ideal springs to the source 
receiver interface. The combination of methods and techniques presented in the paper provide a useful 
toolset that can be employed for noise/vibration prediction, diagnostic testing and virtual prototyping.    
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ABSTRACT 
 
Depending on where the source-receiver boundary is defined within an assembly, an airborne sound source 
can also be considered as a structure borne sound source. For example, if the internal forcing mechanisms 
within a machine are regarded as the sources, the rest of the assembly including the surrounding air can be 
considered the receiver. If the structure borne noise resulting from these internal forcing mechanisms can be 
predicted in real-time, the radiated noise can potentially be predicted and managed- either actively or 
passively- using numerous approaches. The primary aim of the work presented in the paper is the 
development of an accurate method for the real-time prediction of structure borne noise, whilst continually 
monitoring the reliability of these predictions. To facilitate this process, it is necessary to also monitor the 
stability of the vibro-acoustic frequency response functions that relate the internal forcing mechanisms to the 
receiver position, and to eliminate the influence of background noise resulting from noise or vibration sources 
other than those of interest. Presented in the paper are the results of a laboratory Transfer Path Analysis (TPA) 
case study of a source-receiver assembly composed of multiple sources attached to a single receiver structure. 
 
 
Keywords: Noise, TPA, Transmission 

1. INTRODUCTION 
This paper documents a case study carried out as part of a wider PhD project investigating the use 

of In-Situ TPA methods (1) for the prediction of radiated noise. Considering an arbitrary source and 
receiver structure, predictions are made for a remote response point on the receiver by using a matrix 
of collected FRFs from the coupling points of the source and receiver as a reference point to validate 
the accuracy of the predictions. The wider scope of the project aims to evaluate methods for the 
prediction of noise created by the structure, consisting of multiple sources, with a focus on methods 
which can be implemented in real time. Also considered are elements of structural health monitoring, 
such as unmeasured background noise, extra connection points, and source de-activation. 

The paper outlines the background theory of transfer path analysis and in-situ transfer path analysis 
using the matrix inversion method (section 2.1) together with alternative formulations using cross 
spectral matrices and principal component analysis (section 2.2). Following that an experiment is 
described which consists of two vibration sources incorporated into an assembly and it is shown that 
in-situ transfer path analysis can be used to identify the contributions from each source to the overall 
response of the receiver structure when both sources are operating simultaneously. Finally, a fault 
(bridging of the vibration isolation) on one of the vibration sources is introduced and it is shown that 
the sum of the contributions of the two sources no longer equals that observed in the receiver  structure 
due to the additional path. A future aim of the study is to investigate methods that not only identify 
the presence of a fault but also to locate its origin, i.e. which item of equipment is affected, ideally 
using operational data measured simultaneously on the source and receiver structures.    
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2. THEORY 
 
Following is a description of the TPA approach and Principal Component Analysis. The theory is 

presented for a simple source- receiver structure, where one or more sources (A) are coupled to an 
arbitrary receiver structure (B) through multiple contacts at an interface (c) . The target quantity to 
be predicted can be either a remote point away from the structure itself  (sound pressure at d), or a 
remote point on the receiver (e.g. acceleration at b). 

 

2.1 Conventional Transfer Path Analysis 
The conventional matrix inversion TPA method, or source path contribution method, uses inverse 

force synthesis to find the operational forces at work on the interface between the vibrating source 
and the receiver of an assembly.  

 
Figure 1: Schematic for source- receiver structure 

Figure 1 shows a schematic diagram of an arbitrary vibration source A coupled to an arbitrary 
receiver structure B. The vibration source has multiple generalised forces at (a) during operation, 
which may then apply forces to the receiver structure B through the interface (c).  

The sound pressures at position (d) are a combination of the airborne sound radiated by the 
source A and the structure borne sound radiated by the receiver B. The points (b) shown on 
subsystem B of the assembly C may be considered as a set of vibration velocities due to the internal 
mechanisms of A. Inverse force synthesis (2)  
 
A set of complex operational forces, fC,c, at interface (c) can be found using, 

                                     (1) 

 
                                     (2) 

 

                                   (3) 

 
Where:  upper-case subscripts are the structure A, B, C; lower case are measurement location 

(a), (b), (c), (d); and a dot denotes that the source is operational.  and are the vectors of 
complex velocities at measurement locations (c) and (b), on assembly C, whilst the source A is 
operational. Subscripts denote row (response) then column (excitation):  and  are 
matrices of frequency response functions of velocities due to force/ mobility (3);  is a square 
symmetric mobility matrix for the receiver B, where the rows are the responses and columns are 
excitations on the interface (c).  

 is usually measured as  . It is not symmetric and may not be square, so is pseudo-
inverted. Equation 3 includes a square symmetric matrix, allowing optimization by over 
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determination and regularization, which is desirable due to the fact that inverting the often large 
FRF matrix for finding the operational forces at (c) can be highly sensitive to noise and other 
inconsistencies. In most cases equation 1 is sufficient and Equation 2 might be used in the case the 
interface (c) is not physically accessible, which can be a problem when manually exciting the 
structure. 

The sound pressure at point (d) is then found using: 
 

 (4)  
 

                                                     
Where  is a complex vector of radiated sound pressures from the receiver B, caused by the 

operational source A. The matrix  is made up of sound pressure frequency response functions 
due to force, or through reciprocal measurements, velocity due to volume velocity excitation (4). 

 

2.2 In-situ Transfer Path Analysis 
 
In-situ transfer path analysis is an alternative to conventional TPA that does not require the source 

receiver-assembly to be dismantled with the use of blocked forces rather than interface forces, where 
the blocked force for the source A in Figure 2 is defined by: 

 
 (5)  

                        
                                                               
where the bar denotes that the force is blocked.  
The mobilities of the subsystems which make up the assembly C provide the relationship between 

the operational blocked forces of the source A and the operational forces of the assembly C. 
 

 (6)  
 
 

                                               
Which after substitution and rearrangement of equations 1-3, gives the blocked force version of 

these equations. 
                          (7) 

 
                                       (8) 

                                                 
                      

        
  (9) 

  
Finally, assuming that the sound pressure at (d) caused by structure A during the measurement of H is 
negligible, the structure borne noise at (d) is: 

 
 

 (10) 
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where  is the measured transfer function for the entire assembly C, as opposed to , used 
in equation 4, which is only for the receiver structure. Thus, the method does not require the separation 
of source and receiver saving time and effort. Another advantage of the in-situ approach is that the 
operational blocked forces are independent of the receiver structure, meaning that they remain valid 
for different assemblies by re-measuring or modelling  for the new assembly. This property is 
not shared by the conventional approach as the contact forces measured can vary significantly between 
receiver structures (5). 

2.3. Principal Component Analysis 
When a system has multiple uncorrelated system inputs, the measured operational data is 

sometimes conditioned using principal component analysis to avoid issues resulting from averaging 
in the frequency domain (6,7). Considering the matrix inversion TPA approach outlined in section 
2.1, figure 1 shows the interfaces of a coupled system. If there are multiple uncorrelated operational 
forces (vibration source mechanisms) acting at the (a), the velocities at (c) may not be fully 
correlated, meaning there may not be a steady phase relationship between the (c) positions. The 
relative phases of the forces at (c) must be known to ensure the phase information is correct for the 
partial pressure contribution predictions (1). By referencing the operational data to virtual sources, 
or principle components, PCA aims to alleviate this issue.  
As opposed to the vector form of complex operational data shown in the matrix inversion method, 
PCA uses a cross spectral matrix, for which a definition for the sets of points and degrees of 
freedom on interface (c) is shown by: 
 

   (11)  
 
 

                                                   
Where   is the averaged cross spectral matrix of the velocities,   is instantaneous velocity 

vector,  denotes ‘expectation of’, and  is the Hermitian transpose. Equations 1-3 and 7-9 can all 
be converted to this form by post-multiplying both sides by its own complex conjugate transpose. For 
example, equation 1  becomes: 

 
  (12)  

               
                                                 

And equation 7   becomes:   
 

  (13)  

 
 

Where  is the force cross spectral matrix, instead of  (force vector). Equation 4  
now becomes: 

 
 (14)  

                                               
And equation 10  becomes: 
 

  (15)  
 

                                                       
Here,  is a cross-spectral matrix of sound pressure at (d) - the auto-spectra are on the diagonal. 

A principle component analysis can now be conducted using a set of slave/ reference sensors for 
determination of the ‘virtual sources’. If these sensors are placed at (a), the cross -spectral matrix  

of size n × n is defined (where n is the number of sensors at (a)). The auto-spectra 
of the principle components can then be found from the eigenvalue or singular value decomposition 
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of the reference cross spectral matrix: 
              (16) 

 
                                            

 is a unitary matrix and the singular values  are the principle components. Velocity spectra 
referenced to the principle components (6) are then found for the degrees of freedom at (c) and (b) 
using: 

  
(17)  

 
                                           

Where  are the referenced velocity spectra with rows relating to the velocities at (c),  are 
the referenced velocity spectra with rows relating to the velocities at (b) and the columns of each are 
referenced to principle components according to the references at (a). The reference spectra   can 
be converted from the sound pressures at (d) using: 

  (18) 
 

                                      
The matrix inversion method can then be conducted using the referenced spectra in (7.7) to f ind a 

partial pressure contribution prediction for each position of (d), with reference to a virtual source. The 
conventional method would take the form: 

  
(19)  

 
      

With the in-situ method taking the form: 

                  
(20)  

                                              

Where equation 17 is used to obtain  (1). 

3. EXPERIMENT 
The experiment was carried out on a bespoke test rig, consisting of an aluminium box with a steel 

‘lid’ plate. Two smaller rafts are attached to the lid via vibration isolators, with one isolator at the 
corner of each raft.  

 

 
Figure 2: Test Rig 

In order to test as many positions as possible, the testing was carried out in stages . Firstly, the 
motor was placed in situ and the coupling points were instrumented with six accelerometers each in 
order to obtain accelerations in 5 degrees of freedom (three translations and two rotations) . To create 
a better surface for impacts, the accelerometers were mounted on b locks at each coupling point. 
FRF’s for five degrees of freedom at each coupling point were then obtained using an instrumeted 
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hammer. A triaxial was mounted on the motor itself as a phase reference during operational 
measurements. 

 

  
 

Figure 3&4: Motor test and receiver test 

Following the FRF measurements, testing with motor running was conducted. The motor was run 
at speeds of 2kHz, 3kHz, and 4kHz. 

The accelerometers were then transferred to the shaker coupling points and the testing repeated . 
The accelerometers were then moved to twenty-one remoted positions on the receiver box, with a 
triaxial accelerometer on each of the sources. 

4. RESULTS 
Equation 13   , was used to determine the forces required as the input to 

Equation 14, , Where H is a set of transfer FRF’s relating the source receiver 
coupling points to the response point on the box. These values were calculated for both the shaker and 
motor, as seen in the lower plot of figure 5.  

 
Figure 5: Plot of predictions using Equations 14 and 15 (motor 4kHz speed)  

 
This plot shows the individual contributions of source to the overall measured vibration level. It 

can be observed that the shaker contributes most of the broadband signal, whereas the tonal peak at 
~500Hz is contributed by the motor. The upper plot shows the two predictions added together to 

make an overall combined prediction. Good agreement is observed at this operational speed (4kHz).  
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Figure 6: (motor 3kHz)                                    Figure 7: (motor 2kHz) 
 
Figures 6&7 show that the prediction works for the varying speeds of motor; the peaks in the 

measured response and in the calculated prediction appear to have very good agreement, and are  
accurate from ~20Hz, up to approximately 1kHz. This restriction may be due to the degrees of freedom 
used. A more detailed instrumentation of the coupling points may lead to better accuracy at higher 
frequencies. The frequency range is also dependent on the accelerometers used and the level of 
vibration isolation provided by the vibration isolators under each raft structure; for example, 
accelerometers with a higher sensitivity could potentially give better predictions at both ends of the 
frequency range shown. 

5. FAULT CONDITION 
As mentioned in the introduction one of the aims of the project is to identify system faults using 

the measured operational data in real time.  For this reason a known fault was introduced to the source 
receiver assembly by bridging the isolation system on one of the sources.  
The introduced fault condition consisted of a small magnetic structure which created a bridge 
between the motor raft and the lid of the box, which created an unaccounted connection point 
between the source and the receiver. 

 

 
 
       Figure 8: Fault condition                Figure 9: Fault condition results (motor 4kHz) 
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The upper plot of Figure 9 shows the measured response against the calculated response, as 
shown in Figures 5. It can be seen that additional tones are now present in the receiver response. 
The lower plot shows the individual contributions of each source. The motor measurement 
corresponds to these additional tones in the overall response, but the overall level calculated from 
the blocked forces of the two sources is now no longer in agreement at these frequencies , 
highlighting the presence of the fault.   
 

6. Conclusions 
In conclusion, the contributions from each source have been accurately identified with simultaneous 
source operation using cross-spectral matrices. It is also shown that following the introduction of a 
fault, the sum of the contributing sources no longer corresponds completely with the observed 
vibration. The next stages implied are to further investigate the possibilities of source separation using 
the PCA methods described, and to carry these out in the presence of background noise. 
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ABSTRACT 
The decomposition of a complex airborne sound source into a number of simple sources has found wide 
application in transfer path analysis. One of the most advanced ways to solve this task is to use the matrix 
inversion method. This method works well for describing concentrated sources like monopoles. In practice, 
however, it is also desirable to analyze distributed sources such as a vibrating structure (e.g., the housing of 
an engine). A large number of grid points, representing emitting partial surfaces, and an even larger number 
of measurement points complicate the task. The large matrix of transfer functions between source points and 
measurement points that needs to be inverted is often ill-conditioned. Mathematical approaches such as 
regularization techniques are required for the matrix inversion. Understanding the ways to apply these 
approaches and their physical meaning is one of the most important steps in finding suitable solutions to the 
mathematical inversion problem without losing physical information. In this paper, new ways to improve the 
matrix inversion method are analyzed for the example of a vibrating plate. 
 
Keywords: Matrix inversion; Airborne TPA; Source estimation 

1. INTRODUCTION AND MOTIVATION 
Characterization of a complex sound source corresponds to the prediction of main contributors to 

the sound emission. If sound emission is caused by vibration of a flat structure (e.g. , a housing of any 
aggregate), the main contributors are spread over the structure. This can be seen for instance in the 
sound intensity map of an industrial gearbox in Figure 1. The measurement took place in an anechoic 
chamber, therefore the hot spots in the sound intensity map can be interpreted as locations of sound 
sources of the gearbox. Their positions strongly vary with frequencies. The hot spots are determined 
by the properties of the gearbox structure (mass and stiffness distribution) and the characteristics of 
the excitation (here gear mesh excitation inside the gearbox). 
 

 

Figure 1 – Left: Gearbox on a test rig, Right: Sound intensity map for a hull of the gearbox [1] 

To determine such hot spots different techniques can be considered depending on the final goal. 
Beamforming or intensity measurements can be applied to predict positions of the sources. However, 
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these methods do not provide a characteristic of the source itself independently of its surroundings. 
To be able to predict the behavior of the source in any other environment, the volume velocity of the 
source has to be derived. For this goal, one can utilize a novel particle velocity-based technique as 
was proposed in [2]. In the current work, however, we use a more traditional matrix inversion method 
(MIM) that requires only customary sound field measurements. 

MIM aims to decompose a complex sound source into a number of simple sound sources 
(components), such as monopoles. In order to “catch” such unstable distributed components as we 
observe for a vibrating structure, one needs to use a large number of measurement points. However, 
that will lead to a high matrix condition number and possibly large error. In this paper, we describe 
the way of coping with this problem and propose a strategy for treating the matrix according to the 
frequency range and the used measurement setup. 

2. MATRIX INVERSION METHOD 

2.1 DESCRIPTION OF THE METHOD 
The main steps of measurements and calculation of the matrix inversion method are presented in 

Figure 2 through the example of an engine characterization. The engine is represented by monopoles 
(yellow dots). Volume velocity (  ) of each of the monopoles is sought. We will call such 
monopoles Q-sources. Transfer functions between each Q-source location and each microphone 
position are measured in the near field (NF) by means of a volume velocity source, while the engine 
is not active. These transfer functions are named (by analogy to the structure-borne case) acoustic 
impedances (  ). At the second step, sound pressure under operational conditions (  ) is 
measured at the same measurement points. The model of sound emission of a complex source can then 
be described as follows: 

 (1) 

The complex source is modeled by  monopoles. To find the desired vector , the acoustic 
impedance matrix has to be inverted (using the pseudo inverse). The resulting acoustic admittance 
matrix multiplied by a vector of operational sound pressure will provide the desired result. 
 

 

Figure 2 – Description of the application of the matrix inversion method for the airborne case 

The main critical points of the application of MIM are the measurements with a sufficient number 
of points and the inversion of the acoustic impedance matrix. They are in some contradiction to each 
other: larger numbers of measurement points with highly correlated transfer functions will usually 
lead to an ill-conditioned matrix (increase of matrix condition number), while exclusion of some 
points for decreasing the condition number can lead to a loss of the resolution of Q-sources. In the 
paper we show how to find a compromise between these two parameters. 
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2.2 ILL-CONDITIONED MATRIX TREATMENT 
Regarding this specific application of a vibrating structure, one can refer to observations made by 

Nelson and Yoon in [3]. The paper presents their study on the dependency of the matrix condition 
number on the relationship between the parameters of a measurement setup and a frequency range. 

Figure 3 shows the investigated model with 100 Q-sources and 100 microphones. The variation of 
the condition number of the matrix of transfer functions between all the Q-sources and microphones 
is observed for the variation of the frequency range and a further parameter defined as distance of the 
Q-source plane to the sensor plane ( ) in relation to the distance between the sources ( ). The 
distance between the microphones  and between the Q-sources  is equal, eccentricity , 
that means that the microphones are placed above the Q-sources without any shift in the horizontal 
plane. The strong variation of the condition number with the varying parameters can be seen. That 
means that for a specific pair of parameters, for example frequency and , one can find an optimal 

 in terms of the conditioning of the problem. In the current paper we show a similar observation 
for a vibrating structure and use it as a basis for the processing of an acoustic impedance. 

 
Figure 3 – Left: A geometrical arrangement of sources and microphones, Right: Variation of the condition 

number ;  - non-dimensional frequency, where  is the distance between sources, 
 - distance between the source plane and the sensor plane [3] 

3. IDEA 
Trying to describe a real vibrating structure in a wide frequency range, one will probably make 

measurements with a large regular grid of measurement points at some fixed short distance to the 
structure for the full frequency range. For higher frequencies, even the full grid can be relevant, 
because the transfer functions will vary at different points due to short wavelengths, and the acoustic 
impedance matrix can be well-conditioned. For lower frequencies (longer wavelengths) the elements 
of the matrix will be highly correlated and the matrix will become ill-conditioned. For the 
determination of points (matrix elements) that are relevant for each specific frequency with the fixed 
distance , we decided to observe the condition number changing over the varied , similar to 
Nelson in [3]. Having this dependency, we can estimate an optimum  for this frequency, and used 

. This will help to adjust a model of the complex source and a corresponding matrix for each 
frequency. 

The goal of this study is to find a model of a vibrating plate consisting of point sources using the 
matrix inversion method for the airborne case, and to discuss challenges due to requested spatial 
resolution with respect to the requested frequency range. In the first step, this analysis is done based 
only on numerical results. Future work will deal with the manufactured assembly and experimental 
tests. 
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4. DESCRIPTION OF THE EMPLOYED MODEL 
For this study, an application example is requested with several sound sources, preferably with 

changing source positions and source number depending on the considered frequency range to be able 
to investigate the method of sound source localization under different conditions. Of course, there 
should also be a link to a problem of the practical field, but with known boundary conditions  and 
available data for the purpose of numerical investigations. 

A vibrating plate clamped on two sides can represent the introduced acoustical behavior of a wall 
of a gearbox. Based on numerical pre-studies the model shown in Figure 4 was derived. An asymmetric 
aluminum plate is fixed on two steel beams by screws in such a way that the plate itself mostly 
dominates the airborne noise in a frequency range of 150-3000 Hz. The prerequisite is that the 
excitation takes place on the plate itself. The excitation (F) is by an impact normal to the plate surface. 
The position is marked in Figure 4. 
 

The asymmetry is chosen to get non-symmetric source patterns, which exhibit different levels of 
source strength. 

 

Figure 4 – Application example 

For the acoustical evaluation of the plate-construction, MSC Software is used. The meshing 
process for the structure parts, the definition of bolt connections and application of the input force for 
frequency response calculations are carried out with MSC Apex. Thanks to the MSC Nastran solver 
the resulting velocities at the nodes of the finite elements are calculated and transferred to MSC Actran 
for enabling the airborne calculation. 
 

For the simulation of transfer functions and operational measurements the arrangement shown in 
Figure 5 was chosen. 
 

The point volume velocity sources were placed on the top of the plate. The microphones were 
placed above the Q-sources at a distance . The sources were randomly distributed over the 
plate with minimum distance between the points . The simulations were 
performed for free field conditions, without any geometrical constraints. 
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Figure 5 – Setup for simulated measurements: yellow dots – point sources, red dots – microphones 

Top: Top view, Bottom: Side view 

In Figure 6 and Figure 7 patterns of the structure-borne normal velocity and of the sound pressure 
are shown at low and mid frequencies. As expected, both quantities show a very similar pattern. The 
areas of the plate involved in the movement at most can be considered as the main contributors to the 
sound radiation. The desired representation of the vibrating plate by several Q-sources leads to a very 
similar pattern. 

 

 
Figure 6 – Left: Velocity map, Right: Sound pressure map on the plate at 260 Hz 

 
Figure 7 – Left: Velocity map, Right: Sound pressure map on the plate at 1650 Hz 
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5. ANALYSIS OF THE TRANSFER FUNCTION MATRICES AND DERIVATION OF 
THE POINT SOURCES 

The condition number of the transfer function matrices related to frequency range and distance 
between the Q-sources ( ) is shown in the center of Figure 8. The distance  was changed by means 
of the selection of the measurement points from the full grid. That means that the size of the matrix 
was reduced with the rise of . In such a case the change of the distance corresponds to a change of 
the density of the points. Indeed, the selection of the points for each  is not unique, however for 
other arrangements the tendency of the condition number remains the same.  

 
Figure 8 – Mid: Matrix condition number depending on frequency and distance between the assumed 

sources, At the margin: Examples of interpolated volume velocity patterns for different measurement setups 
at particular frequencies 

As expected, the preferred distance  in terms of a better condition number grows with increasing 
wavelength, which means decrease of the frequency. That suits the results in Figure 3. According to 
the shown analysis we can treat the ill-conditioned matrix by means of the selection of only those 
matrix elements that correspond to the estimated optimum  . In such a way, the model of the 
vibrating plate is adjusted for different frequencies. The corresponding transfer function matrix is then 
used to define the volume velocity of the components placed at the selected points.  

In Figure 8 the results of such calculations are presented for 260 and 1650 Hz for both “bad” and 
“good” cases. For each frequency and each case, the acoustic impedance matrix was modified 
corresponding to the shown . The matrix was inverted to find the volume velocity of the Q-sources. 
To show the distribution of the volume velocity over the plate , the results were interpolated. The 
patterns’ edges are defined by the selected Q-sources. 
 

The resulting interpolated volume velocity obtained from the modified models with lower matrix 
condition number suit the velocity maps shown in Figure 6 and Figure 7. As can be seen for the higher 
frequency, even the complete 133x133 acoustic impedance matrix shows a good condition number for 
the calculation of the volume velocity. However, the reduction of the model helped to obtain an even 
better match to the velocity map. For the lower frequency the benefit of the matrix decrease is more 
significant. 

In the described example only the single Q-sources at distance  to each other were selected. 
Indeed, in the vibrating plate the sound-emitting parts correspond rather to a surface than to a point. 
That is why we have considered a way of including the information from the neighboring surface to 
the Q-source. 
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This is realized by the discretization of the Q-sources according to their positions, as follows. The 
surface of the plate in the current example was divided into 32 slots  (Figure 9). One slot is then 
considered as one source component. The transfer functions corresponding to the Q-sources placed in 
one slot were averaged. The center of each slot is taken then as a position of the joint Q-source. 

It is worthwhile to mention that the sound pressure at any measurement point can be affected by 
several initial Q-sources. The basic assumption here is that for the targeted frequency there is only a 
slight difference between the transfer functions of neighboring sources to all initially defined 
measurement points. Additionally, the amplitude of assumed sources should not differ strongly from 
each other. Otherwise, the information of different source strengths would be lost. As an indicator to 
avoid such a negative effect on spatial resolution, the measured sound pressure is analyzed. When the 
mentioned requirements are fulfilled, it is consistent not to try to dissolve these neighboring sources 
whereby the problem size can be minimized. 

Thanks to this procedure, the matrix size for the inversion can be reduced. For example, instead of 
an initial configuration of 133 assumed sources and 133 measuring points , the problem size can be 
adjusted to only 32 sources remaining for gaining the pressures at 133 measuring points. In Figure 9 
the grid with the resulting Q-source levels is shown. In Figure 10 the interpolated result is shown on 
the left side. 

        
Figure 9 – Left: Illustration of the separation of the model into 32 spots and grouping of the initial Q-

source, Right: Resulting volume velocity for the modified model (for 260 Hz) 

This result is compared with the result based on the reduction of the model by selecting single   
Q-sources as shown in Figure 8 (for 260 Hz). The comparison shows that both procedures deliver a 
similar result with respect to the position of sources on the plate. 

 
Figure 10 – Interpolated volume velocity of the plate for 260 Hz 

Left: Model of 32 joint Q-sources, Right: 20 single Q-sources 
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6. SUMMARY AND OUTLOOK 
A sound field produced by a distributed source was observed through the example of a vibrating 

plate. The plate was characterized using the matrix inversion method in a frequency range of 150-
2000 Hz. A strategy based on the analysis of the matrix condition number for the adjustment of the 
source model was proposed. It was shown, that for a vibrating structure an optimum distance between 
the Q-sources can be estimated. Using the derived distance, the model was changed in two different 
ways: reduction of the initial model by means of the selection of single Q-sources, and grouping of 
several Q-sources into clusters. The results of both investigations match the simulated velocity of the 
plate. 
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ABSTRACT 

In the automotive development process, Transfer Path Analysis (TPA) is a widely known tool for 

troubleshooting purposes of existing vehicles or for the prediction of vehicle interior noise based on test 

bench or CAE data. There are many different approaches, each having its pros and cons. Either determining 

interface forces while the source is disconnected or equivalent forces for in-situ condition; measured in the 

vehicle or at the test bench; calculated in frequency domain or in time domain. As different as the approaches 

are in detail, one question they all have in common: How reliable are their results? 

Within this paper, the need of a validation and refinement process of the TPA model – independent of the 

specific TPA method - is discussed and illustrated by typical application examples. New tools like the Mosaic 

View for the visualization of the crosstalk and useful procedures like the Root Cause Analysis and the Model 

Robustness Check are exemplified. Furthermore, these technologies are evaluated to show their potential for 

the identification of errors in the TPA model and how to deal with them in order to increase the liability. 

 

Keywords: Transfer Path Analysis, Robustness, Reliability 

1. INTRODUCTION 

The Transfer Path Analysis can be a very helpful tool within the complete product developmen t 

process especially with respect to reaching defined sound quality targets. Starting with the early 

concept and design phase the knowledge of the source-transfer-receiver properties may effectively 

help to avoid later unwanted issues. But also during the following prototype phases until SOP the 

detailed knowledge of the excitation and transfer behavior is very helpful to support the optimization 

process. 

The initial situation for all typical TPA projects is that the object to be examined is a coupled syste m 

with at least one source and the goal of the TPA is to separately quantify the contributions of noise and 

vibrations for each path and to additionally characterize the source. When applying experimental TPA 

to deal with this task, besides the operational data, the measurement of frequency-response-functions 

(FRF) is necessary. This leads unfortunately to a rather large effort and time consuming procedure. 

Once this effort has been made, the resulting TPA model can be used to analyze and determine relevant  

transfer paths with respect to all possible noise patterns in the time and frequency domain. Regardless 

of the analysis or a particular validation strategy, you will always achieve results for every noise 

pattern that you want to examine. But in order to be able to trust these results, and in particular to know 

their limits, the measured data and the calculated models must be extensively analyzed and validated. 

This includes the verification of the physical meaningfulness of the data used.  

There is no general checklist which ensures correct results in every case and for all regarded systems. 

But the analysis of some key points in a structured procedure will provide valuable support with 

respect to the correct interpretation of the TPA results. This of course requires experience, but modern 

tools (like the Mosaic View) and fundamental procedures (like Root-Cause-Analysis and Robustness 

Check) support the engineer to gain a reliable TPA model within a reasonable timeframe.  

2. KEY POINTS AND TOOLS FOR TPA MODEL REFINEMENT 

2.1 Requirements on measured data 

The basis for good results are good measurements of course. Especially the reproducibility is a big 

challenge. On the one hand it can be difficult to ensure the repeatability for the operating condition, 

                                                        
1 Frank.Juergens@head-acoustics.de 
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especially in transient cases (load changes, tip-in /tip-out, etc.). Effects of operating temperature (on 

oil or grease), control devices conditions (like ECU/TCU), regeneration process (like in diesel 

particulate filter) or battery SOC in EVs can have an immense impact on repeatability. On the other 

hand the FRF measurements are not trivial either. The point of impact or attachment point of shaker 

should be chosen carefully in order to represent the closest possible and most suitable interface point. 

The positioning of indicator sensors and selection of a suitable sensitivity depending on the position 

requires some experience. The transfer functions and coherences should be analyzed in the full 

indicator matrix (at least for random points) in order to ensure that there is enough energy in the 

complete system. Furthermore the signal-to-noise ratio should be analyzed, in order to gain 

information about the frequency limits of the later synthesis results. To handle all these variables is 

essential for reliable results. 

2.2 Mosaic View 

The Mosaic View is a tool for the analysis of transfer functions of the complete system in one 

diagram. It shows a cut through all FRFs at one frequency point, while the amplitude (or phase) of each 

path is represented by a color. It enables to visualize and detect the coupling of transfer paths, the 

identification of sub-structures and their interaction along the frequency axis. Typically the coupling 

decreases with rising frequency and each path becomes more and more independent. Furthermore the 

classification of resonances into local or global resonances can be done very easily. Also noisy 

indicator sensors can be identified very fast, in order to be eliminated from the matrix before the 

inversion. All in all it is a very useful tool to first understand the observed system and then to find the 

best matrix setup. 

2.3 Matrix Condition Number 

The Matrix Condition Number (MCN) is one of the most mysterious things in the world of matrix 

inverse TPA techniques. It describes the influence of errors in measured data on the result of the matrix 

inversion, if everything is calculated correctly. Everybody has heard about it and knows “the lower the 

number the better”. But there is no fixed OK / not OK limit and depending on the kind of data, the size 

of matrix and use of regularization techniques it is very easy to get lost in a blind optimization loop for 

gaining lower condition numbers. However, the MCN should be evaluated in context with the data and 

the subsequent synthesis result instead of interpreting it independently. By doing this it really helps to 

identify weak points in the matrix setup and optimize the complete TPA model correctly. Nevertheless 

it is just one indicator of the quality of the results, but not the only one. 

2.4 Mean error vs. mean magnitude 

Another useful indicator for evaluation of the result quality is the analysis of the mean error of 

synthesis result compared to the mean magnitude of excitation. The mean error is defined by the 

difference between the measured reference (like interior noise or target vibration)  and the synthesis 

result (sum of all transfer paths). It can be calculated either by using just the difference of the FFT 

spectra or by calculating the transfer function between reference and synthesis. The mean magnitude is 

calculated by the fraction of the summed level of all operational excitation signals (required for the 

synthesis) to the number of signals. If now both values are analyzed together, it becomes clear in which 

frequency range the error occurs and if the error occurs at low or high magnitudes , i.e. the error 

relevance. Just in case the biggest error occurs at low magnitudes it can be an indicator for either a low 

relevance of the error or for a missing transfer path. Conversely, if the biggest error occurs at high 

magnitudes it can be an indicator for errors in the TPA model. Hence this comparison is helpful for 

judgement of overall synthesis quality. 

2.5 Root-Cause-Analysis 

The Root-Cause-Analysis is essential for system understanding. In principle it shows the 

source-transfer and receiver properties in a clearly arranged summary: Starting from the active side 

acceleration in case of a mounted transfer path, via the effectiveness of the mount to the passive side 

forces and local stiffness (a/F) through the receiver sensitivity (p/F) to the noise or vibration share of 

the single transfer path. In that way the weak point of the system or the errors in the TPA model become 

clearly visible. The combination of the Root-Cause-Analysis and a TPA database – which is reflected 

by scatter bands of comparable systems (e.g., mid-size passenger vehicle) – makes it very easy to 

pinpoint the weak point of the system. Furthermore it can be used for benchmarking of d ifferent 

products or even to visualize the load dependency of a transfer path. 

452



 

 

2.6 Approaches for robust model design 

One of the most difficult steps in model refinement is to gain a robust TPA model. Once a model 

setup is favored for a certain condition it needs to be proved for other conditions. In case of vehicles 

often part load and full load run-ups are measured. Consequently both operational data should be used 

for receiver synthesis by using the same matrix setup (same paths, regularization, etc.). Besid es the 

comparison of the resulting synthesis to the measured reference, also the Root-Cause-Analysis should 

be done in order to check the results for physical meaningfulness (like load dependency, force levels, 

etc.). If there is only one test condition, repetition measurements should be used to check if the results 

are comparable to the initial one. In that case the responsible transfer paths should be the same. The 

comparison of the synthesis and path contributions of different models for one operating condition or 

even the comparison of the results of one model for different operating conditions can help to find a 

robust model setup. Nevertheless this is one of the steps with the highest effort in TPA model 

refinement. 

3.  Exemplified model refinement process 

3.1 Case 1: How to analyze the TPA model? 

First example is an insight into an investigation of a passenger vehicle (3-cylinder transverse 

engine, manual transmission) regarding powertrain noise (several patterns between 30 Hz to 2 kHz). 

The vehicle was equipped to determine the paths of the three powertrain mounts and the transfer paths 

of front wheel suspension (six bushings in total) as well as the airborne paths from the engine 

compartment, the intake and the exhaust orifice. After the measurements were done (or even partly 

during the measurements), the data was checked regarding the reciprocity and coherences as well as 

the signal to noise ratio. The results showed that the focused frequency range can be analyzed 

faithfully by using this measurement data. 

In a first approach all transfer paths were collected in a full matrix (separate for airborne and 

structure borne). The synthesis result shows a good agreement to the measured reference in a broad 

frequency range for several noise patterns (see Figure 1 left). Also the comparison of several 

psychoacoustic analyses (like the modulation spectrum vs. engine speed) shows that the synthesis 

model looks like a good representation of the vehicle for this operating condition.  

 

Figure 1 - Comparison of Reference and Synthesis as well as noise contribution for whine 

Nevertheless the result needs to be checked in order to gain a robust and satisfying result. In a first 

step the responsible transfer paths for the specific noise pattern need to be identified. This should be 

done not only based on analysis of levels, also the phase information needs to be considered. By the 

analysis of the transfer path influence (related to the total noise) this can be done in a well arranged 

way. The right diagram in Figure 1 shows this kind of analysis for the whine noise of the investigated 

vehicle. It is clearly visible that the “Path 8” has the strongest influence on the whine.  This can be done 

for all relevant noise patterns in a similar way. 

In a next step the responsible transfer paths have to be checked by the Root-Cause-Analysis. In 

Figure 2 it can be seen exemplified for “Path 8” (black curve is described). Focusing on the higher 

frequency range the whine order becomes clearly visible in the active side acceleration (indicator for 

source property). The mount isolation is in a typical range for a powertrain mount. Around approx. 700 

Hz the isolation decreases while the local apparent mass increases at the same frequency range. It 

shows a constant offset to the typical slope (40 dB per decade) above 700 Hz. Nevertheless it is no 

weak point of the mount, it just indicates that the excitation level is high. In the opposite case (decrease 
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of apparent mass) the lower isolation values would be a clear indicator for ineffective interaction of a 

rubber mount and the supporting structure. The resulting passive side force (at the attachment point) 

clearly shows the strong amplitude for the whine order around 1 kHz. Following the transfer path to the 

acoustic sensitivity transfer function, the high values around 400 Hz and 1 kHz are eye-catching. 

Especially in the comparison to the competitors’ scatter band it becomes obvious that the sensitivity is 

at the upper limit (and partly above it). In consequence the starting point for improvement of the 

transfer path could be the excitation or the sensitivity. Following this procedure for the relevant 

transfer paths helps to understand the vehicle as a coupled system and highlights potential errors of the 

TPA model. 

 

Figure 2 - Root-Cause-Analysis example 

As already mentioned the Matrix Condition Number is one of the indicators for result quality. The 

MCN of the current example is shown in black color in the Figure 3 (right diagram). The matrix 

condition shows unacceptable high values and peaks (based on experience of comparable applications), 

especially in mid frequency range (f < 2 kHz). Seeing this, the trust in the results is reduced and a 

solution for lowering the MCN needs to be found. Consequently the results are calculated again by use 

of the same matrix setup (size, transfer functions, windows, etc.) with the only difference that this time 

regularization is used to improve the condition (just one of several possibilities). Regularization can 

improve the results but also removes information especially at low signal levels. Accordingly there is 

always a trade-off between ignorance of information for gaining higher numerical stability and to be 

able to reflect the investigated noise patterns. So experience is required for finding suitable 

parameters. 

The resulting MCN is shown in red and is much lower and more constant than the initial one. 

Consequently the results (forces and noise shares) should be dramatically different. Comparing now 

the force of “Path 8” (strongest influence on whine noise pattern) for both matrix inversions shows, 

that there is almost no difference except the lower noise floor (see Figure 3 left and middle diagram, 

both have the same scaling).  

 

Figure 3 - Analysis of the influence of regularization 

When comparing now all forces for both inversion results, only very few transfer paths with 

different forces can be found. The impact on the total synthesis result is almost unnoticeable except the 

lower background noise. However, this does not allow the conclusion that this is always the case for 

matrix inverse TPA. Each other system can behave differently.  

A different approach instead of using regularization is the change of the matrix setup from full 

matrix to sub-matrices. In order to find suitable sub-matrices, the Mosaic View helps for the 

identification. In the current example there can be identified several sub-systems for the frequency 
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range of the whine noise. A part of the matrix is shown in Figure 4 at the right side. The diagram shows 

five separate sub-matrices (indicated from A to E) within the full matrix representation. This setup is 

now used for the calculation of the operational forces by the prior separate  inversion of each 

sub-system. The resulting path contributions are shown in Figure 4 at the left side, compared to the 

previous matrix setups. Setup 1 is the full matrix approach without regularization, setup 2 is the full 

matrix with use of regularization and setup 3 is the sub-matrix result (partwise matrices). The Path 8 is 

still the strongest contributor in all models what indicates a stable result. If the main contributor would 

change, the results would be judged as less reliable. In that case the reason for differences needs to be 

identified. This can be done by using again the Root-Cause-Analysis and the Mosaic View. 

The path contributions of setup 3 further show that the less relevant paths have stronger variances 

compared to both full matrix setups. Especially Path 1, 9 and 10 show significant stronger noise shares 

compared to model 1 and model 2. This affects the total synthesis for the third model which is reflected 

in an overestimation of the whine noise compared to the measured reference.  

 

Figure 4 - Path contribution for different TPA models (left), Mosaic View for high frequency range (right) 

Having a closer look to the mosaic view the reason for the overestimation can be found. The strong 

crosstalk of matrix C and matrix E becomes visible in the non-diagonal area of the diagram. In 

consequence there is a strong interaction between these paths which has to be considered in the TPA 

model. The consideration of this crosstalk (combine sub-matrix C and E) within the matrix setup now 

leads to similar path contributions and similar forces for the responsible transfer paths in the frequency 

range of the whine noise (not shown here). 

To return briefly to the Matrix Condition Number, the matrix setup 3 (sub-matrices) has the lowest 

MCN values but overestimated forces and path contributions. Once there is every time only one matrix 

condition number characterizing the underlying matrix, the MCNs of the sub-matrices now can also be 

used to identify ill-conditioned parts inside the full matrix (e.g.; for setup 1). The setup 1 has highest 

condition numbers and setup 2 has low condition numbers. But both show a suitable match of the total 

synthesis to the measured reference and reasonable forces. As mentioned in section 2, the condition 

number is just one indicator and without the relation to the synthesis quality and plausibility of the 

results it is worthless. There is always a trade-off between low condition numbers, a good match of the 

synthesis to the reference as well as the plausibility of the source-transfer-receiver properties. 

Furthermore, experience helps to accelerate the setup and analysis process, finding the suitable 

regularization settings and the judgment of the results. 

At the end, the final TPA model needs to be verified in order to ensure its robustness. This can be 

done by using “unknown” data, which can be operational repetition measurements or even different 

operating conditions. In case of different operating conditions, the Root-Cause-Analysis again helps in 

the validation process. Different operating conditions should be reflected by reasonably different 

forces and meaningful load dependent transfer functions, e.g. the mount isolation. 

3.2 Case 2: What is right? 

The second example is an insight into an investigation of a powertrain (4-cylinder transverse 

engine, automatic transmission), which was operated at a test bench and used for vehicle interior noise 

and vibration estimation. The focus was set on structure borne transfer in the frequency range of 

typical powertrain noise patterns from 50 Hz to 1 kHz. The powertrain was equipped to determine the 

transfer via the three powertrain mounts. After the measurements, the data was analyzed regarding the 
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reciprocity and coherences as well as the signal to noise ratio. According to that, the focused frequency 

range can be analyzed faithfully by using this measurement data. 

In order to get a quick first overview of the results, a reference vibration point anywhere at the test 

bench was chosen as a temporary receiver point for the TPA synthesis. Also in this example the first 

model was set up with a full matrix. Again the matrix inversion was repeated by use of regularization 

techniques, because the Matrix Condition Number showed unexpected high values. In the comparison 

of both Condition Numbers in Figure 5 (right diagram) the extreme difference is clearly visible. In the 

left diagram the analysis of the “mean error vs. mean magnitude” is shown.  The black (without 

regularization) and red (with regularization) curves show the error function between the measured 

acceleration at the receiver point and the result of the TPA Synthesis.  

 

Figure 5 - Comparison of two TPA models 

Comparing both curves, above approximately 900 Hz the difference between synthesis and 

measured acceleration becomes noticeable. In the same diagram, the blue curve shows the mean 

magnitude of all accelerometers used for the operational force synthesis. Now the combination of both 

information – in which frequency range errors occur and where the excitation is significant – leads to 

valuable conclusions. The biggest error occurs at small amplitudes while at high amplitudes there is 

almost no error. 

As introduced before, the next step is to identify relevant paths regarding the noise patterns of 

interest. In this investigation, one focus was set on the mid frequency range around 320 Hz (engine 

roughness). The relative path contribution (influence of each path to the total synthesis) shows 

significant differences (see Figure 6 left diagram). While in the model without regularization (model 

1) the y and z directions of all three mounts have strong contributions, the same paths are not relevant 

in the model with regularization (model 2). Furthermore, the analysis of the phase relation clearly 

shows an opposite phase of the y and z directions in model 1 (Figure 6 middle diagram). The right 

diagram from model 2 has the same scaling and shows the same result for the total vibration (black 

phasor), but now it results mainly from the x directions of the three mounts.  

 

 

Figure 6 - relative path contributions of 2 TPA models and corresponding vector diagrams 

Now the question is, what result is right? Again the root cause analysis can help to find answers. In 

this special case, the sensitivity transfer functions (relation of force to receiver vibration) show no 

unexpected high values or strong peaks. But there are very strong forces in case of model 1. The 

operational deflection shape analysis could not provide further hints about the origin of these forces.  

These high forces resulting from model 1 are very unusual in this frequency range (factor 15 times 

higher than for model 2). Additionally the forces are out of phase and the Matrix Condition Number 

shows very high values. As a conclusion one should better not trust this model. 

456



 

 

Philippen (1, 2) reported about a similar phenomenon in the OTPA (operational transfer path 

analysis). He mentioned that an ill-conditioned matrix (highly correlated signals and almost linear 

dependent rows) amplifies small measurement errors leading to bigger errors in the transfer function 

estimation, like strongly overestimated transfer functions with opposite phase. In case of OTPA this 

minimizes the synthesis error but leads to wrong path contributions. In the current investigation the 

transfer functions were measured but the effect is the same without the regularization. In consequence 

the model 2 was selected as basis for further investigation.  

3.3 Case 3: How to validate? 

In a third example a further procedure for gaining a robust model is shown. The investigation was 

about powertrain noise patterns in a broad frequency range for different operating conditions of a 

vehicle with front transverse engine and automatic transmission. The investigated transfer paths were 

the powertrain mounts and the front suspension as well as the airborne paths from engine compartment, 

intake orifice and exhaust orifice. In this example the focus is on the idle condition.  

Except the difficulty to ensure a good measurement repeatability of the idle state (same engine 

speed, similar temperature of oil and parts, electrical load) the idle condition is also difficult to reflect 

in a TPA model because the excitation energy (orders of the powertrain) is concentrated in narrow band 

peaks. If there is any drift of engine speed or temperature during operation (e.g.; within a measurement 

campaign) the noise patterns can shift slightly in frequency range and strength. This leads to the effect 

that peaky transfer functions like sensitivities (p/F or p/Q) can either fit or not. In order to make the 

TPA model more robust against these effects the transfer functions should be  smoothed in a suitable 

way. 

Once the forces and volume velocities are calculated, again the relevant transfer paths should be 

identified for the focused noise patterns. The left diagram in Figure 7 shows the result of this 

investigation which looks quite accurate (black is measured reference in interior, red is total synthesis 

result). But as shown in the previous cases, this result alone is not sufficient without questioning the 

robustness of the results. First, the Matrix Condition Numbers of airborne and structure borne matrices 

are suitably low, which is a good indicator combined with the good match to the reference.  

 

 

Figure 7 - TPA model verification by modification measurements 

Focusing on the main combustion order around 30 Hz the contributions of airborne (blue) and 

structure borne (green) are higher than the total noise. In consequence, both shares are out of phase. 

This result stayed stable when using repetition measurements as well as results for different matrix 

setups.  

Nevertheless in order to gain more confidence, a verification measurement was done. The exhaust 

orifice noise has the strongest influence in the airborne share of this investigation. Consequently it 

should be the starting point for a modification, because modifying the structure  borne paths is much 

more difficult in this frequency range. Accordingly additional mufflers were attached to the exhaust 

orifices to lower the excitation level (see middle picture in Figure 7). The comparison of the measured 

interior noise levels for original and modified state are shown in the right diagram of Figure 7. Clearly 

the main combustion order rises about 10 dB fully in line with the prediction of the TPA model. In 

consequence model accuracy including phase relations is verified for this noise pattern.  

In a similar way, modification measurements can help to verify the TPA model in other conditions 

and frequency ranges. Attention should be paid on keeping the number of variables as low as possible 

and to keep in mind the measurement repeatability for the investigated noise patterns.  
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4. CONCLUSIONS 

Transfer path analysis based on matrix inverse techniques is no black-box procedure. It is advisable 

to question the TPA results in depth after the first synthesis is done. Many model configurations are 

possible, and transfer functions are not free of errors. There will be a result anyway, and more than one 

could even match a measured reference. The actual engineering task is to screen the TPA model 

regarding plausible path contributions and root-causes in order to achieve a robust model describing 

the investigated system as close as possible. Not till then the TPA results can lead to correct 

conclusions for optimizing the system e.g. the vehicle. The presented key points and procedures help 

to not get lost in the high amount of data during the model refinement process. However, appropriate 

tools or software and, of course, experience can help making the right decisions and shorten the 

refinement process.  
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Abstract
Gaussian processes regression is applied to augment experimental data of transfer-path analysis
(TPA) by known information about the underlying physical properties of the system under investi-
gation. The approach can be used as an alternative to model updating and is also applicable if no
detailed simulation model of the system exists. For vibro-acoustic systems at least three features
are known. Firstly, observable quantities fulfill a wave equation or a Helmholtz-like equation in
the frequency domain. Secondly, the relation between pressure/stress and displacement/velocity/ac-
celeration are known via constitutive relations involving mass density and elastic constants of the
material. The latter also determine the propagation speed of waves. Thirdly, the geometry of the
system is often known up to a certain accuracy. Here it is demonstrated that taking into account this
information can potentially enhance TPA results and quantify their uncertainties at the same time. In
particular this is the case for noisy measurement data and if material parameters and source distribu-
tions are (partly) unknown. Due to the probabilistic nature of the procedure unknown parameters can
be estimated, making the method also applicable to material characterization as an inverse problem.
Keywords: transfer path analysis, field reconstruction, inverse problem

1 INTRODUCTION
Data from acoustical measurements in experimental setups are traditionally used as-is, without taking
into account physical laws that restrict possible outcomes to plausible results. Here it is shown how
acoustical measurements, in particular for TPA, can be made more reliable by leveraging additional
knowledge of the system under investigation. A common way to put physical information into use
consists in the construction of a simulation model and using model updating for certain parameters
based on experimental measurements. In a purely experimental setup for TPA this procedure if often
too time-consuming to be realized. As an alternative a meshless probabilistic approach is introduced
here. The acoustic pressure field is modeled as a Gaussian random field (used synonymously with
Gaussian processes here, for more details see the book of Rasmussen and Williams [1]). Gaussian
process (GP) regression is used to update information based on measurements, thereby obtaining
both, expected values and uncertainties for quantities of interest. Here we will augment GP regres-
sion by partial differential equations representing physical information based on the method pointed
out by van den Boogaart [2]. More recently an alternative variant has been introduced by Raissi
et al. [3]. In contrast to the latter where sources are modeled as a GP, [2] treats sources as fixed,
restricting kernel functions to physically possible cases for the homogeneous part of the equation.
This paper will give a first taste on the capabilities of this powerful technique for acoustics.
For many application acoustic fields can be assumed to follow a linear wave equation. The speed
of sound c is either known exactly or approximately at well-defined environmental conditions. It
will be demonstrated that this is sufficient to reconstruct sound pressure fields in the vicinity of
measurement positions and domains enclosed by sensors. Numerical experiments and real-world
measurements show that the Nyquist criterion of two microphones per wavelength is sufficient for
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an accurate reconstruction in-between. Finally, the estimation of acoustic source strengths for TPA
is explored in a numerical model of a simplified structure representing an engine bay. Despite the
use of FEM simulations for this it should be emphasized that the reconstruction relies only on mi-
crophone positions and signals together with the speed of sound c. It is therefore directly applicable
to purely experimental setups as well as a surrogate representation of fields from numerical models.

2 ACOUSTICS WITH GAUSSIAN RANDOM FIELDS
Consider an inviscid fluid without equilibrium flow with possibly space-dependent equilibrium den-
sity ρ0(x) and speed of sound c(x). For a sufficiently small time-harmonic perturbation at circular
frequency ω a pressure perturbation p(x) is related to volumetric sources w(x) and momentum
sources (body force density) f(x) via the Helmholtz equation

∆p+ k2 p = iωρ0w−∇ · f≡ q. (1)

Here k = k(x) = ω/c(x) is the wavenumber at frequency ω . We will now leverage this knowledge
about p to augment possibly noisy experimental data from measurements.
To apply GP regression we model p as a Gaussian random field

p∼N
(
0,K(x,x′)

)
. (2)

Generally speaking this means that p(x) is the realization of a normally distributed random variable
with zero mean at each point x. Pointwise values p(x) are however not independent from values
p(x′) at neighbouring positions x′. For example, if the distance |x−x′| between two points is much
smaller than a wavelength, local pressure values will be nearly the same. This fact is taken into
account by introducing correlations via a covariance function K(x,x′) that is also called a kernel.
In addition to x and x′ the kernel usually depends on hyperparameters, in particular the correlation
length, that can be either fixed or estimated. Despite the assumption of a normal distribution in
p at each point, the kernel K(x,x′) does not have to be a Gaussian in |x− x′| (in that special
case K is called a squared exponential kernel). In fact, application of GP regression to unstructured
data usually involves choosing an appropriate kernel K based on the data themselves. The case is
however different for the application to quantities such as acoustic pressure p that are known to
fulfil laws of physics formulated as differential equations. In particular the wave equation (1) puts
constraints on the possible choice of the kernel function K for a Gaussian process modeling p. In
source-free regions we have the homogeneous equation

p =−k−2
∆p. (3)

Application of the Laplacian together with the scaling by −k2 yields also a Gaussian field ∆p ∼
N (0,L(x,x′)) with a new kernel L. The latter is computed from the differential operator acting in
both, x and x′ (see [1], p. 191 and references in [2]), so

L(x,x′) = k−2(x)k−2(x′)∆x∆x′K(x,x′). (4)

To be able to fulfill the homogeneous wave equation (3), both sides should follow the same distri-
bution. Thus we require kernels L = K to coincide. This means that K must be an eigenfunction
of the Laplacian in both, x and x′, with the product of eigenvalues being k2(x)k2(x′). Due to lack
of directional information for we consider isotropic radial basis functions K(x,x′) = K(|x−x′|). Un-
der the assumption of normalized data we set Kp(0) = 1 meaning a local variance of 1. If we
restrict ourselves to a real (no damping) and spatially constant speed of sound c and therefore also
wavenumber k, we can immediately compute the relevant eigenfunctions. For 1D problems with
x = x we obtain

K1D(x,x′) = cos(k(x− x′)). (5)
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(a) (b)

Figure 1. Left: samples from usual GP prior with squared exponential kernel. Right: samples from
physics-informed GP prior with 1D Helmholtz kernel (5). 95% confidence region for prior (gray).

For 2D problems with x = (x,y) we have the Bessel function

K2D(x,x′) = J0(k|x−x′|), (6)

and for 3D problems with x = (x,y,z) the kernel is a spherical Bessel (sinc) function

K3D(x,x′) = j0(k|x−x′|) = sin(k|x−x′|)
|x−x′|

. (7)

The close relation to the usual Helmholtz kernels, proportional to complex exponentials in 1D and
3D and a Hankel function in 2D, is apparent. The wavenumber k is a hyperparameter, describing
correlation at the scale of the wavelength λ = 2π/k. For the following analysis k will be given
exactly from ω and c. The 1D kernel K1D yields complete periodic correlation of p at distances
of full wavelengths nλ with integer n and anticorrelation at half wavelengths (n + 1/2)λ . In a
physical interpretation this is related to the fact that the field is confined to a line from which no
information can escape to the side. In contrast, for 2D and 3D problems the oscillating kernels
decay in amplitude at increasing distance |x−x′| due to geometric spreading of the according field.
Before we use details of measurements we assume a prior distribution that allows any meaningful
fields p. The choice of a Gaussian random field (2) with normalized covariance function K(0) = 1
as a prior limits the “allowed” fields to magnitudes of the order |p|. 1 and wavelength λ = 2π/k.
In a more sophisticated analysis expectation value and scaling of the kernel function of a GP are
optimized as hyperparameters, but here we keep them fixed to 0 and 1. Fig. 1 shows samples
from this prior that represent possible realizations of p in the absence of information from mea-
surements. The upper plot shows samples drawn from a GP with a squared exponential kernel
KSE(x,x′) = exp(−(x− x′)2k2/2). The latter is often used as a covariance function if no further
information on the data is available. The shaded gray region represents the confidence interval be-
tween −1.96 and +1.96 where 95% of the data with variance of unity lie statistically. The lower
plot shows samples from a GP prior using the 1D Helmholtz kernel K1D (5) that, in contrast to
KSE, only allows physical fields. When we perform a measurement of an actual field, we restrict
the possibilities to an ensemble with posterior expectation values and covariances. The more infor-
mation we gather, the better we can narrow down the posterior distribution for a good reconstruction
of the actual field. The reconstruction is built from the “best guess”, being the posterior expectation
value at each point in space. In machine learning terminology the data used to fit the GP is usually
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called training data, whereas the GP is evaluated at test points where the goodness of the fit can be
compared to validation data. In acoustics we are usually dealing with “small data”, i.e. the number
of measurement points N is well below 1000 and every single data point is valuable. Therefore one
will usually take all Nt = N positions for training if the speed of sound is fixed, or use Nt = N−1
training point and one point for validation. The latter is known as the “leave-one-out” cross vali-
dation. This validation can also be used to check if all our microphones have been positioned and
calibrated correctly. For this purpose, we can repeat the leave-one-out method for each microphones
and check if its signal matches the GP reconstruction from the remaining N−1 microphones.

3 USING MEASURED DATA FOR REGRESSION
3.1 Gaussian process regression
Here we will fit (“train”) a Gaussian process to measured data p(xk

t ) according to Ref. [1] at discrete
training positions xk

t which we collect in the design matrix Xt = (x1
t ,x2

t , . . . ,x
Nt
t ). As a first step the

data p are normalized to be of the order 1. This can be achieved by normalizing p by its maximum
absolute value or its empirical standard deviation. The training observations pk

t = p(xk
t ) are collected

in the vector pt. When modeled as a Gaussian process the covariance matrix of these data is given
by cov(y) = K(Xt,Xt), where the kernel function is evaluated for each combination of training data,
i.e. [K(Xt,Xt)] jk = K(x j

t ,xk
t ). Uncertainties in measurements can be taken into account by adding a

diagonal matrix σ 2
n I, where σ 2

n is called the noise variance. Thanks to the favourable properties of
the Gaussian distribution we can write posterior expectation values p̄ and covariance matrix for p
evaluated at a set of points X = (x1,x2, . . .) in terms of training data at xt as

p̄ = K(X ,Xt)[K(Xt,Xt)+σ
2

n I]−1pt, (8)

cov(p) = K(X ,X)−K(X ,Xt)[K(Xt,Xt)+σ
2

n I]−1K(Xt,X). (9)

The expectation values p̄k = p̄(xk) provide the best guess for the reconstruction of p by the fitted GP.
Values of the posterior variance in the diagonal entries σ 2

kk of cov(p) are used to estimate posterior
confidence intervals around p̄k. For ∆pk = 1.96σkk the confidence interval p̄k±∆pk should contain
≈ 95% of the possible reconstructed data and thus quantifies the uncertainty of the reconstruction.

3.2 Reconstruction of a 1D acoustic field
As a drastic demonstration how the choice of the kernel function affects results of a GP regression,
we consider a 1D acoustic field at a single frequency. Here physical fields are cosine functions of
fixed wavelength with scaled amplitude and shifted phase. Fig. 2 shows results for the field sampled
at 5 training points with error bars of ±10%, i.e. a noise covariance σn = 0.1/1.96. Results with
a squared exponential kernel KSE on the left are compared to using the 1D Helmholtz kernel K1D

on the right. Relatively poor performance is realized by KSE as it is not adapted to the physical
system, while K1D exactly fits the problem as shown in section 2. In fact, to reproduce the 1D
pressure field exactly with help of K1D, already 2 points would suffice, so the system with 5 points
is overdetermined. If sampled data were exactly enforced without error bars this would leads to ill
conditioning and numerical instability of the matrix inversion in Eqs. (8-9). Adding small uncer-
tainties that always exist in real measurements resolves this issue and is one possible regularization
method. This topic will be shortly discussed in section 3.3. If one looks carefully, the posterior
confidence bands match the error bars for the squared exponential kernel, but are narrower even
at the training points when using the Helmholtz kernel. This means that part of the measurement
error in a point can be removed by taking the correlation to neighboring measurements into ac-
count. In 2D and 3D one can expect the difference in performance to be less extreme, since the
space of solutions for the Helmholtz equation is more diverse there. Still, the Helmholtz kernels
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Figure 2. 1D acoustic pressure field, left: usual GP regression with squared exponential kernel.
Right: physics-informed GP regression with Helmholtz kernel (5). Exact data (black solid line),
sampling points (red dots with error bars) and reconstruction (red dashed line). 95% confidence
region for prior (gray) and posterior (light red) distribution.

capture oscillating features that are absent in standard kernels such as KSE that don’t include the
system’s physics. Reconstruction of 2D and 3D fields from relatively few data will be demonstrated
in section 4.

3.3 Regularization methods
Due to the possibly redundant information to fit a GP, in particular at low frequencies, regularization
is required when inverting the covariance matrix in Eqs. (8-9). Adding a σn term to the training data
as in the 1D example of Fig. 2 corresponds to a Tikhonov regularization, also known as a nugget
or ridge regression. In addition, or as an alternative a Moore-Penrose pseudo-inverse representing
a least-squares solution based on a truncated singular value decomposition is suited to restore a
well-conditioned system. Especially in 2D and 3D systems one may reduce computational load
and improve the system’s condition by constructing the covariance matrix only between sensors of
sufficient distance compared to the wavelength, using the full dataset only at the highest (Nyquist)
frequency where its information is required. Regularization should not be overused, especially in
the boundary regions of the acoustic domain, where a possibly smaller wavelength in the adjacent
structures is commonly realized. Since those structural waves don’t radiate into the acoustic domain
the smoothing due to the chosen kernel and the regularization shouldn’t affect the acoustic field very
much at a certain distance.

4 APPLICATION TO ACOUSTICAL MEASUREMENTS AND TPA
4.1 Field reconstruction and validation by nearby sensors
Now we apply the acoustic pressure field reconstruction by GPs as described in the previous section
to a grid of microphone positions in an actual measurement. Besides demonstrating the main fea-
tures of GP regression, this example is useful in practice to validate the plausibility of the signal of
each single transducer in a microphone array by a GP constructed from the remaining transducers.
We consider a 3×4 grid of microphone positions at a spacing of 5cm. Fig. 3 shows the actual setup
where a measurement microphone is moved in a plane parallel to the surface of a wooden desk in
a room without acoustic treatment. The sound field is produced by a loudspeaker, and transfer
functions HpU ∝ p have been measured from the speaker preamp input voltage to the microphone
preamp output voltage proportional to the sound pressure p. GP regression with the 3D Helmholtz
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Figure 3. Left: Test setup of microphone moved to 12 positions in a 15×10cm rectangle on a desk.
Right: Microphone positions (circles) and reconstructed real part of p at f = 1.5kHz. Testing point
6 marked in black is used for validation rather than training the GP.

kernel K3D yields a reconstruction of HpU (x) ∝ p(x) at any point in space together with uncertainty
information. Here we consider only the real part of the spectrum. Since similar results are expected
for the imaginary part, a phase-accurate reconstruction is possible within the shown validity range.
Fig. 3b shows an example of a reconstruction of the expected value of normalized p at a frequency
f = 1.5kHz. The according GP has been constructed from all positions except the testing point
6. In Fig. 4a a cut at y = 5cm is displayed, including the 95% confidence band predicted by the
GP. The actual value of p at point 6 matches the reconstruction within the error bars. Outside the
domain of measurement, the reconstruction error grows, limiting extrapolation to a fraction of the
wavelength. This is in clear contrast to the much simpler 1D case in Fig. 2 where a globally exact
reconstruction is given from just two training points.
Fig. 4b shows the reconstruction of HpU by the fitted GP compared to the actual signal at position 6
across a frequency range of 10−4000Hz. Below f = 3kHz one can observe an excellent match and
nearly vanishing error bands. Approaching the Nyquist frequency f = 3.4kHz for 5cm sensor dis-
tance the reconstruction becomes gradually worse and the error bands grow to the confidence bands
of the prior - the fit yields practically no information there. For validation purposes it is important
that the sensor’s signal rarely leave the confidence interval independently from the frequency. One
can take this example either as a verification that the GP regression has worked well, or, if one
already assumes this, that the measurement at position 5 has provided physically meaningful values
in accordance with the remaining measurements.

4.2 Acoustic source strength estimation for TPA
The presented GP regression for acoustic fields works only in source-free domains per construction.
If sources are present in the domain, we can apply the superposition principle in the classical way
to split the Helmholtz equation into two parts:

1. A solution ph(x) of the homogeneous equation (3) fulfilling the boundary conditions.

2. A particular free-field solution pi(x) of the inhomogeneous equation (1) with sources q(x).

For pi(x) we use the free-field fundamental solution G(x,x′) for a superposition of point sources
q(x) = ∑n qnδ (x− xn). If the source locations are known we can estimate their respective strength
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Figure 4. Left: Real part of p field at y = 5cm at f = 1.5kHz tested at position 6 (black cross).
Reconstruction (red dashed), 95% confidence bands for prior (gray) and posterior (light red). Right:
Reconstruction of the transfer function HpU at position 6, validation curve as a black solid line.

qn by solving the according inverse problem in the following way.

1. Choose a certain combination of source strengths q = (qn).

2. Subtract pi(xk) = ∑n qnG(xk,xn) from the measured p(xk) to obtain ph(xk) = p(xk)− pi(xk).

3. Construct a GP with a Helmholtz kernel for the field ph(x) by fitting training points ph(xk).

4. Compute a loss function λ by cross-validation of the GP, e.g. the sum of squared distances
between validation points and reconstruction in the leave-one-out method.

5. Repeat with different q until λ is minimized.

Since the GP with a Helmholtz kernel can only fit source-free fields per design, the loss function
λ is expected to be smallest if the data actually doesn’t contain sources. This way we can find the
"most source-free" homogeneous solution ph by minimizing the loss function λ (q) with respect to
the source strengths qk.
Fig. 5 shows the result of this procedure for two monopoles in a 2D cavity representing a car’s
engine bay. The exact solution has been computed by an FEM simulation with acoustically hard
boundary conditions on the left and on the bottom, an impedance condition Z = 5ρ0c on top and
a pinned 2mm steel plate on the right. Estimated strengths (normalized units) of q = (0.99,0.55)
match the exact values of (1.0,0.5) well in this configuration with 12 microphones.
It is likely that the expectation values of the estimated source strengths from the GP approach
match results from existing methods based on fundamental solutions and optimization techniques.
For acoustic TPA such methods have the advantage that they avoid reciprocal measurement of trans-
fer functions to all microphone positions inside the engine bay. One of the special features of the
GP ansatz is the possibility to propagate uncertainty information from the sensor signal up to the
final TPA results. The method is in principle suited to be used in 3D geometry with noisy measure-
ments, but further investigations are required to verify this claim. The present example with just two
point-sources is not very representative for a real engine bay with complex scattering structures. A
possible next step could be the assessment of the method’s performance depending on the number
of sensors and uncertainties in their positioning within a more complex 3D geometry.
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Figure 5. Source strength estimation via GPs for two monopoles. Left: cost function λ with esti-
mated (×) and actual (�) solution. Elliptical contours around a unique minimum indicate a linear
problem in q = (q1,q2). Right: microphones (◦) and sources (+), reconstruced p field. The recon-
structed field is optically indistinguishable from the exact solution which is not plotted.

SUMMARY AND OUTLOOK
In this paper acoustic field reconstruction via Gaussian process regression with kernels for phys-
ically possible fields has been introduced. The presented examples have demonstrated potentially
useful features for application to measurement techniques within TPA. In particular, cross-validation
allows to identify inconsistencies in single sensor signals and to estimate acoustical source strengths
without prior knowledge of transfer functions. For practical applications a number of open questions
remains, especially with respect to robustness under sensor positioning errors and noise. In particular
for source reconstruction within acoustic TPA, non-ideal source distributions and the presence and
shape of scattering bodies have to be investigated before proceeding to practical applications in en-
gineering. In the future the approach could be extended to more complex vibro-acoustic systems if
elastodynamic equations and appropriate coupling conditions were introduced. This will most likely
turn out to be a much more difficult task than modeling an acoustic domain with known wavenum-
ber. A representation of complex structures by effective plate or beam models valid in a certain
frequency range could be used to yield insight into the system’s overall physical behavior.
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Obtaining method of high contributing body and frame vibration 
behavior to road noise using principal component contribution 

analysis 
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ABSTRACT 
Principal component (PC) contribution analysis utilizing operational TPA (OTPA) was developed to find out 
high contributing vibration behavior of the target structure to the interior noise. However, in case a vehicle is 
composed of body and frame, identifying the high contributing part between them is difficult using this 
method. In this study, we then attempted to propose an identification method of the high contributing part 
between body and frame using OTPA sequentially. In the test, a simple vehicle model having body and frame 
was employed and vibration at multiple points on the body and frame were measured simultaneously with the 
interior noise when random input signals was given. Subsequently, OTPA were applied in two steps. In the 
first step, high contributing body vibration behavior to the interior noise was extracted and then, high 
contributing frame vibration reference point to the important body mode was also obtained in the second step. 
From these results, we estimated the main part increasing the interior noise at the target frequency bands. 
Finally, the interior noise could be decreased by applying intensive countermeasure according to the 
analytical results. 
 
Keywords: Operational TPA, Contribution, Road noise 

1. INTRODUCTION 
For carrying out effective countermeasure to vehicle interior noise, finding out main contributing sound 

or vibration source and the transfer path is essential. Transfer path analysis (TPA) (1-8) was proposed to 
obtain the contribution quantitatively. Operational TPA (OTPA) (6-8) is one the methods recently 
developed and it calculates the contribution using only the sound and vibration signals at around input 
points (reference signals) and the interior noise (response signal) under the operational condition. This 
method is utilized not only in the vehicle development but also the other products such as home appliances. 
In these days, modified OTPA method (OTPA with principal component (PC) (8) model) has also been 
developed for obtaining the important vibration behavior of the target structure such as vehicle body to the 
interior noise by analyzing the PC mode of the structure on the contrary to the reference (Ref) model which 
calculates each reference point contribution to the response point in the original OTPA. On the other side, 
in case the target vehicle has sub-frame or frame component, the vibration input from the engine or tire is 
decreased by the rubber bushes between the input part and the frame. In addition, the vibration of the frame 
is also decreased by the other rubber bushes between the frame and the body. In this case, the information 
about which part between frame and body should be measured intensively becomes important for carrying 
out more effective countermeasure. Applying OTPA PC model to the simultaneously measured all reference 
signals both at body and frame side is considered for the method. However, if the stiffness of the body is 
relatively lower than the frame, the body vibration becomes much larger than the frame vibration. And the 
high contributing PC mode (vibration behavior of the body and the frame) is determined mainly by the 
body vibration. Hence, it is hard to understand the high contributing part of the frame and evaluating which 
part between body and frame should be measured intensively is also hard. 

In this study, we then considered to apply the OTPA PC model and Ref model sequentially between 
interior noise and vehicle body to obtain high contributing body vibration behavior (PC mode) and between 
the high contributing body PC and the frame points to clarify which part (body and frame) is the main 
factor generating large interior noise and the countermeasure part. 

                                                        
1 junji.yoshida@oit.ac.jp 
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2. CALCULATION OF REFERENCE AND PC CONTRIBUTION BY OTPA 

2.1 Reference and PC contribution calculation 
In the original operational TPA, the contribution of each reference point to the response point is 

obtained by multiplying each reference signal with the transfer function. The transfer function in this 
method is calculated using principal component regression method. The calculation procedure is 
followings. 

 
 
 
 
 
 
 
 
 
 

Figure 1 – Calculation image of transfer function of original OTPA using principal component regression method 
 

PC analysis is firstly applied to the reference signal matrix [Ain] by singular value decomposition 
(SVD) to remove correlation among reference signals as shown in Eqs. (1) and (2). The calculated 
uncorrelated signals are PC [T]. 

[Ain] [U][S][V]T (1) 

[T] [Ain][V] [U][S] (2) 
The reference signal matrix [Ain] is obtained by applying FFT repeatedly to the simultaneously 

measured vibration signals at the reference points. The ( i, j)-th element in the reference matrix [Ain] is 
the data at the j-th reference point in the i-th FFT. Matrices [U], [S], and [V] are obtained by SVD. [V] 
is the coefficient matrix to transpose the reference matrix [Ain] to the PC matrix [T]. The (i,k)-th 
element in [T] is the k-th PC in the i-th FFT. After eliminating the noise component having very low 
level, multiple regression analysis is applied between the remained (signal) PCs [T] and the response 
signal [Aout] to obtain influence [B] of each PC to the response signal as shown in Eqs. (3) and (4). 

[Aout] [T][B] (3) 

[B] ([T]T[T])-1[T]T [Aout] (4) 

The (i,m)-th element in the response matrix [Aout] is the data at the m-th response point in the i-th 
FFT. The (k, m)-th element in the transfer matrix [B] is the transpose coefficient from the k-th PC to the 
m-th response point. Transfer function from reference signal to response signal [H] is calculated by 
multiplying the coefficient [V], that connects reference signal to PC, and the regression coefficient [B], 
that connects PC and response signal as shown in Eq. (5) 

[H]  [V] ([T]T[T])-1[T]T [Aout] (5) 

The (j, m)-th element in the transfer matrix [H] is the transfer function from the j-th reference point 
to the m-th response point. Finally, the reference point contribution and PC contribution to the 
response point are calculated as shown in Eqs. (6) and (7), respectively.  

[Acont] [ Ain][H] (6) 

[Tcont] [T][B] (7) 
Equations (6) and (7) show the contribution of reference point and the contribution of the PC, 

respectively. This is the outline for obtaining both contributions by OTPA. In this study, we utilized both 
PC contribution (PC model) as shown in Eq. (7) and reference point contribution (Ref model) as shown in 
Fig. (6) to obtain important vibration behavior and the part for the reduction of the interior noise.  
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2.2 High contributing PC mode 
The PC matrix [T] is calculated by the PC analysis which eliminates the correlation among 

reference signals as shown in Eqs. (1) and (2). In addition, reference signals are also re -generated by 
multiplying PC matrix [T] with the inverse (transpose) matrix of unitary matrix [V] as shown in Eq. (8). 

[Ain] [T][V]-1 [T][V]T (8) 

Here, the relationship between reference signal and the PC can be developed as follows (Eq. (9)). 
Noting that the reference number is reduced to two for simple explanation . 

a11 a12
a21 a22
. .
an1 an2

=

t11v11+t12v12 t11v21+t12v22
t21v11+t22v12 t21v21+t22v22

. .
tn1v11+tn2v12 tn1v21+tn2v22

 (9) 

In Eq. (9), the left solid box in the right matrix is the PC1 element in the reference signal 1 and the right 
solid box is the element in the reference 2. Left and right dotted boxes indicate the PC2 element in the 
reference signal 1 and 2, respectively. This means that the reference signal can be expressed by the 
superposition of PC1 elements. By using this information, the vibration behavior of each principal 
component in each reference point of the target structure can be observed. This behavior is the principal 
component mode in OTPA. If the principal component has high contribution to the response point, the PC 
mode is the high contributing PC mode and the response point signal is expected to decrease efficiently by 
applying intensive countermeasure to the mode.  

3. STEPWISE APPLICATION OF OTPA PC MODEL & REF MODEL 
In this study, we attempt to clarify which part between the body and the frame should be measured 

intensively for the reduction of the interior noise, that has double anti-vibration system by applying 
stepwise OTPA PC and Ref models. Here, we describe how we estimate the main factor of the interior SPL 
peak according to the stepwise OTPA application results. 

Figure 2 shows an image of the measurement points for the stepwise application. Figure 2 (a) shows the 
reference and response point for the OTPA PC model in the first step. In the first application, the interior 
noise is used as the response signal and the multiple vibration acceleration signals around the body (cross 
points in Fig. 2 (a)) are used as the reference signals. Figure 2 (b) shows the image of the second OTPA Ref 
model. In the second application, the response points are set as the same point of the reference points in the 
first application. The reference points are set at around the rubber bush attachment points on the frame. In 
the operational test, all signals for the first and second analyses are recorded simultaneously but the 
analysis is separated. 

 

 

 

 

 

 

(a) OTPA PC model between body and interior noise   (b) OTPA Ref model between frame and body 

Figure 2 Image of the vibration and sound measurement points for stepwise application of OTPA 
 

After the operational test, the body vibration signals and the interior noise signal are used for the first 
analysis as shown in Fig. 2 (a). The estimated main factors of the interior noise peak according to the first 
analytical result using OTPA PC model are shown in Fig. 3 (a) and (b).  
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(a) Case 1: Body PC transfer function makes SPL     (b) Case 2: Body PC is the main factor of SPL 

SPL peak in cabin.                             peak in cabin. 
Figure 3 Analytical result image of OTPA PC model in first analysis. 

 
1)  In case PC transfer function from the body vibration PC to interior noise makes SPL peak in cabin as 

shown in Fig. 3 (a), the body vibration is not the main factor but the transfer function from the body to 
interior noise such as the resonance in cabin seems to be the main factor (9). Hence, countermeasure to 
the cavity is effective way to reduce the interior noise. 

 
2)  In case the body vibration PC makes the SPL peak in cabin as shown in Fig. 3 (b), the vibration 

characteristic of the body is the main factor. If we can constrain the important vibration behavior (high 
contributing PC mode) of the body, the interior noise is expected to decrease effectively. However, we 
cannot determine whether the high contributing body vibration is increased by the resonance of the 
body part or is not increased but by the large vibration from the frame.  
 

Then, we apply the second OTPA Ref model between the high contributing body PC and the vibration 
signals of the frame at around the rubber bush attachment points to estimate the main factor of the high 
contributing body PC signal. In the analysis, the high contributing body PC obtained by the first OTPA PC 
model is used as the response signal and the vibration signals of the frame are used as the reference signal 
as shown in Fig. 2 (b). The reason why OTPA PC model is not employed in the second analysis is due to 
the importance of the vibration transferring points from the frame. Even though we find large vibration 
behavior of the frame at the target frequency through OTPA PC model, it is not necessary to apply any 
countermeasure to the frame if the vibration behavior does not have large amplitude at the rubber bush 
attachment points (reference points in the second analysis) on the frame. Hence, we apply OTPA Ref model 
for the analysis. The estimated main factor of the SPL peak in cabin according to the second analytical 
result is shown in  Fig. 4. 

 
 
 
 
 
 
 
 

(a) Case 3: Transfer function from frame to body   (b) Case 4: Frame vibration is the main factor of the 
makes high contributing body PC peak.           high contributing body PC. 

Figure 4 Analytical result image of OTPA Ref model in second analysis. 
 

3) In case transfer function from the frame to the body makes the body PC peaks as shown in Fig. 4 (a), 
this indicates the frame vibration is not the main factor but the vibration is increased at the body side. 
Hence, the countermeasure had better to apply to the body side for the reduction of the interior noise 
according to the high contributing body PC mode obtained in the first analysis. 

 
4) In case the frame vibration has peak and this makes the high contributing body PC and SPL peaks in 

cabin as shown in Fig. 4 (b), the high contributing body PC is considered to be made by the frame 
vibration at the bush attachment points. Therefore, the countermeasure should be applied to the high 
contributing reference point according to the OTPA Ref model. 
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We applied this procedure actually to a simple vehicle model and estimated the main factor of the 
interior noise peak according to the stepwise OTPA application results in the next section. 

4. EXPERIMENT USING SIMPLE VEHICLE MODEL AND STEPWISE 
APPLICATION OF OTPA PC MODEL & REF MODEL 

4.1 Operational test 
For the operational test, a simple vehicle model was employed as shown in Fig. 5 (a). The vehicle model 

consisted of body, frame and four tires. The length, width and height of the body and the frame were 
850×300×300 mm, 850×300×5 mm, respectively. Total weight of the model was 26 kg. The thickness of 
the body panel and the material were 3 mm and Aluminum, respectively. And the thickness of the frame 
and the material were 5 mm and Aluminum. In this experiment, an operational test imitating a vehicle 
running on a rough road was carried out to obtain the vehicle body, frame vibration and the interior noise. 
Four electrical magnetic exciters (Modalshop: K2007E01) were attached to the lower part of each tire as 
shown in Fig. 5 (a) and random signal under 400 Hz assuming road noise inputs were given to the vehicle 
body. 

 
 
 
 

 
 

(a) Vehicle model                                (b) Measurement points 
Figure 5 Experimental model 

 
As the response point signal, vehicle interior noise was recorded by a microphone set in cabin as shown 

in Fig. 5 (b). As the reference points, a lot of vibration signals around the body and the frame had better to 
be measured simultaneously, however, according to measurement system and the number of sensors what 
we had, only the floor panel (15 points) and frame (6 points) were used as the reference signals in this 
experiment as shown in Fig. 5 (b). 

4.2 STEPWISE APPLICATION OF OTPA PC MODEL & REF MODEL 
4.2.1 Obtaining of high contribution PC of floor panel to the interior noise 

As the first step, we obtained the PC contribution of the floor panel to the interior noise by applying the 
PC contribution analysis between interior noise and the vibration signals of floor panel as shown in Fig. 6. 
Upper diagram in Fig. 6 shows the PC1 contribution and the interior noise. As shown in the figure, the PC1 
contribution was found to have the largest contribution. Middle and lower diagrams of the figure shows the 
PC1 transfer function and PC1 level that compose the PC1 contribution. 
 

 
 
 
 
 

   
 
 
 
 
 

 
 
 

 
 

Figure 6 PC1 contribution and the elements 
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As shown in the figure, PC1 contribution and interior sound peaks at 200-250 Hz band was observed to 

be made by the PC1 FRF level peak. Hence, the large interior sound peak at the frequency band was 
estimated to be made by the acoustic resonance in cabin (9). In addition, the large interior sound peak 160 
Hz and   280 Hz was considered to be made by the large vibration of the floor panel because the large 
PC1 peak was observed at the same frequency band. Then, as the second step, we estimated whether the 
main contribution of the floor panel vibration (PC1) to the sound at 160 Hz and 280 Hz bands were 
increased by the resonance of floor panel itself or by the large vibration from the frame. For evaluating it, 
we applied OTPA Ref model between the high contributing body PC1 and the vibration signals of the frame 
at around the six rubber bush attachment points. Figure 7 shows the calculated contribution from each 
reference point to the high contributing body PC. 

 
Figure 7 Contribution of each reference point of frame to high contributing floor PC1. 

 
As shown in Fig. 7, the central attachment points at the frame were observed to be dominant 

contribution at around 160 Hz. On the other hand, front and rear attachment points were observed to have 
large contribution at around 285 Hz. Then, we compared the reference signal level and the transfer 
functions at large contribution points as the second step. The comparison of transfer function and reference 
signal at central attachment points around 160 Hz were shown in Fig.8. 

 
 
 
 

 
 

 
 
 
 
 
 

Figure 8 Transfer function and reference signal at central attachment points. 
 

As shown in Fig. 8, FRF of central attachment points was found to have peak at around 160 Hz. Hence, 
the large interior sound peak at 160 Hz was estimated to be made by the resonance of floor panel. Here, 
the high contributing PC mode at 160 Hz of the floor part was extracted by the firstly applied PC 
contribution analysis. The obtained PC1 mode was shown in Fig. 9. 

 
Figure 9 High contributing PC mode of floor panel at 160 Hz 

 
As shown in Fig. 9, the high contributing PC mode of floor panel was the behavior having large 

vibration amplitude at around central front point. Hence, applying modification to the point was considered 
to be the effective countermeasure to reduce the interior sound. Subsequently, transfer functions and the 
reference signal vibration acceleration levels of rear attachment points of the frame at around 285 Hz were 
shown in Fig. 10.  
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Figure 10 Transfer function and reference signal at rear attachment points of the frame. 

 
As shown in Fig. 10, reference signal was observe to have peak at 285 Hz. Hence, the interior sound at 

the frequency band was estimated to be made by the large vibration at the rear frame. 

5. INTERIOR NOISE REDUCTION CONSIDERING ANALYTICAL RESULTS OF 
STEPWISE OTPA 

The factor of interior sound peaks were estimated at the target frequency bands, respectively through the 
stepwise OTPA. The body side was the main factor at 160 Hz band and the frame side was the factor at   
285 Hz band. We then performed countermeasure considering these analytical results to verify the 
estimated the factors. As the countermeasure to the interior sound at 160 Hz band, we added total 300 g 
weight according to the obtained high contributing floor PC mode as shown in Fig. 9. Operational test was 
carried out again at the same condition with the previous test and the interior noise was recorded before and 
after the countermeasure. Figure 11 (a) shows the comparison of the interior sound at the operational 
condition before and after the countermeasure to the body side. For the verification of the effectivity of the 
countermeasure to the body side, we also added the weight at the center attachment points of the frame side 
having largest contribution among frame instead of the body side. Figure 11 (b) shows the comparison of 
the interior sound before and after the countermeasure to the attachment points. 
 

 
  

 
 
 

 
 

   
 

Figure 11 Comparison of interior sound before and after countermeasure 
 

As shown in Fig. 11 (a), the interior sound decreased largely at 160 Hz by applying the countermeasure 
to the body side. On the other hand, the interior sound was not decreased by the countermeasure to the high 
contributing part of the frame side as shown in Fig. 11 (b). These results reveals that the proposed method 
utilizing the stepwise application of OTPA PC model and Ref model could indicate the main factor 
correctly and the countermeasure should be applied to the main factor between body and frame side for the 
effective reduction of the interior noise. In addition, we also performed a countermeasure considering 
analytical results at 285 Hz. In this frequency band, the frame vibration at rear points were one of the main 
factor increasing the interior sound at the frequency band. Then, we added total 300 g weight to the rear 
input points of the frame side and carried out the same operational test. Figure 12 shows the comparison of 
the interior sound before and after the countermeasure to the frame side. 
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Figure 12 Comparison of interior sound before and after countermeasure 

 
As the result, the interior sound was also observed to decrease at 285 Hz by the countermeasure. From 

the above analytical and experimental results, we could clarify the main factor increasing interior sound 
between body and frame sides for the effective interior noise reduction by using stepwise application of 
OTPA PC model and Ref model. 

6. CONCLUSIONS 
In this study, we attempted to clarify which part between the body and the frame should be measured 

intensively for the reduction of the interior noise having double anti-vibration system by applying stepwise 
OTPA PC and Ref models. In the experiment using a simple vehicle model, an operational test imitating the 
vehicle running on a rough road was carried out. Then, we estimated the main factors of the interior sound 
peak at the target frequency bands between body side and the frame side using stepwise application of 
OTPA PC model and Ref model. In the first analysis, OTPA PC model was applied between interior sound 
and body vibration and OTPA Ref mode was carried out between the high contributing body PC and the 
frame vibration. From the analytical results, the large interior sound peak at 160 Hz was estimated to be 
made by the resonance of the body side. On the other side, the large interior sound peak at 285 Hz was 
observed to be made by the large frame vibration. For the verification of these results, we carried out 
countermeasure considering the analytical results. As the results, the interior sound could be decreased well 
in case we applied the countermeasure to the estimated important part on the body side or frame side. From 
these results, the proposed method was clarified to have the ability to indicate which part between body and 
frame side is the main factor increasing interior sound and the intensively measured part of the system. 
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The influence of tyre cavity resonances on the exterior noise
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Abstract
Rolling noise due to tyre/road interaction is mostly explained by tyre vibrations. The contribution of air-pumping
might be an important contributor for certain cases. This observation has often been based on evaluating the
speed exponent observed in measurements of the radiated sound. However simulations show that in many cases
the observed speed exponent can be explained by tyre vibrations. In addition simulation show that for rough
roads the resonances in the tyre cavity can play an important role. In the paper the influence of sound generation
in the tyre cavity is discussed in more detailed. For this the Chalmers Tyre/Road Interaction model is utilized.
The simulations clearly show the contribution of tyre cavity resonances to rolling noise as function of surface
type. The results indicate that additional damping in the cavity would not only be beneficial for the interior noise
inside the vehicle but especially for rough road also for the exterior rolling noise due to tyre/road interaction.
Keywords: Tyre /road noise, speed exponent, cavity resonances, simulation

1 INTRODUCTION TO TYRE NOISE GENERATION

2 Introduction
Since many years it seems common understanding that there are mainly two mechanisms responsible for the
generation of rolling noise; tyre vibrations and what is commonly referred to as air-pumping. While the un-
derstanding of the mechanisms behind tyre vibrations has progressed substantially during the recent years the
mechanisms belonging to the category of air-pumping are rather speculative and is mainly based on the obser-
vation of a speed exponent close to “four” in measurements at higher frequencies (see e.g. [1]). There is no
common agreement about the mechanisms behind “air-pumping”. the expression is rather used to describe a
collection of acoustic sources which are all characterized by rapid displacement of air, in or near the contact
patch. In order to be more precise the subsequent text refers to this group of monopole-like sources as air-flow
related source mechanisms. The main phenomenological mechanisms suggested in literature are:

• In 1971 Hayden [2] suggested that, as the tread enters the leading edge of the road contact area, air is
squeezed out as the tread is compressed and penetrates into the road surface. At the trailing edge, the
tread is decompressed and lifts up from the road surface, with the result that air-flows back to fill the
voids.

• Deffayet and Hamet [3] assumed that the opening and closing of cavities in the contact leads to sound
generation. They measured the pressure in cylindrical cavities of different dimensions as a slick tyre rolled
over the opening.

• Ronneberger [4] proposed that when the tread was deformed by roughness asperities intruding into the
rubber there is air displaced due to the changing gap between rubber and road surface. He considered
this flow as a monopole source and estimated the radiated sound.

None of these suggestions is able to satisfactorily explain the radiated sound pressure measured in field in a
satisfying way. The lack of a models for air-flow related sources might be due to several reasons. First, an
experimental investigation is very difficult since it is hard to directly observe the exact process in the contact
between tyre and road during rolling without disturbing the process. Second, up to now there has been no
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tyre/road interaction model able to describe the contact geometry in sufficient detail to simulate the air-flow
related sources in the contact. In addition recent publications by [5] showed that a speed exponent of “four”
even can be observed when only considering tyre vibrations as presented in section 3. With tyre vibrations
as source for rolling noise one usually refers to the motion of the belt surface due to vibrations of the tyre
structure. However besides the structural vibrations also the sound field inside the tyre cavity can lead to
vibrations of the belt surface and therefore to sound radiation. Although this mechanism was brought forward
fro time to time as an important contributor (see e.g. [6]), it has never been really accepted as an important
mechanisms. This might be due to the fact that the air cavity only plays a role for the exterior radiated sound
under certain circumstances as discussed in section 4 or that an experimental proof is not an easy one as
damping the cavity always change the tyre stricture as well. The simulations behind the results presented in
section 3 and 4 are carried out by means of the Chalmers Tyre Road Interaction model CHATRIN. This is
briefly described in following section.

3 BRIEF INTRODUCTION TO CHATRIN
CHATRIN has been developed at Chalmers University of Technology over many years. The main purpose of
the model originally was to investigate tyre/road noise generation but has been extended to also predict rolling
resistance. The complete model for the simulation containing a tyre model, a non-linear contact model and a
radiation model. As it has a modular structure each of the three parts can be replaced by the most suitable tool
for the application of interest. As standard a Wave Guide Finite Element model (WFEM) for the tyre structure
is used. Results from this tyre model show excellent agreement both for radial point mobilities and transfer
mobilites (see e.g. [7]). Tor reach such good agreement is an cumbersome procedure as is is less a question of
modelling approach than on finding the correct material data as input into the model. After the vulcanisation
process the material data have to be found experimentally and by comparison between model and measurements
(see e.g. [8]).
The implementation of the contact model is in the time domain to be able to describe a fully transient non-
linear contact. Its implementation is in line with the implementation used by Wullens and Kropp [9] and based
on the PhD work by the author. Finally a half-space Boundary Element model developed by Brick [10] is used
to calculate the radiation from a tyre placed over a rigid surface.

4 THE FAILURE OF SPEED EXPONENT AS INDICATOR FOR
FLOW-RELATED SOURCES

The discussion on air-flow related mechanisms in literature is mainly based on speed exponent analysis. How-
ever, such analysis is not simple and often influence by aerodynamic noise due to the movement of the vehicle.
Winroth et al. [5] recently investigated the speed dependency of third-octave band tyre/road noise based on
measurements as well as simulations. Similar approaches are found in recent publications (e.g. [11] and [12]).
The main idea of the analysis in [5] is that the measured sound pressure can be composed of three terms

p2( f ,U) = A2( f )U2 +A4( f )U4 +A6( f )U6 (1)

where A2,A4,A6 is assumed to represent the contribution due to tyre vibrations, air-flow related mechanism and
aerodynamic sources due to the flow around the vehicle respectively. This also includes the assumption that
sound generation due to tyre vibrations is expected to be proportional to U2 where U is the driving speed. The
noise generation due to a time varying volume flow is expected to be proportional to U4 and aerodynamic noise
is proportional to U6. The study in [10] is based on measurement data from the so-called Sperenberg project
[19]. In the project also wind tunnel measurements were carried out for the vehicles used in the measurement
champagne. This allows for determining A6 for each frequency band. With A6 fixed, the optimal values of A2
and A4 were sought using a curve-fitting algorithm to model a sound pressure level with the logarithmic form
of Equation 1 that best fits the measured or simulated tyre/road noise sound pressure level for each frequency
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Figure 1. Contributions of the different source components to the total modelled source strength for a slick tyre
rolling on a stone mastic asphalt surface; left: measurement from Sperenberg; right: simulation for a slick tyre
on a rough surface similar to the surface in Sperenberg (from [13])

band. The results presented as ratios, Rm, representing the contribution of one source term Am(m = 2,4,or6)
to the total source strength as shown in equation 2. Rm is illustrated in a colour plot where brightness is
proportional to the percentage of a specific source as a function of third-octave band and evaluated speed U .

Rm = (AmUm)/(A2( f )U2 +A4( f )U4 +A6( f )U6) (2)

From the results in [16] only two pictures are presented here to exemplify the problem with the interpretation
of speed exponents to identify air-flow related mechanisms in measurements of tyre/road noise (see Figure 1).
These results as well as other results in [16] show important components of U4 in measured tyre/road noise
on rough road surfaces as expected around 1000 Hz. However they also show strong components of U4 where
it is expected that the noise is mainly generated by tyre vibrations. The U4 component appears in the mid-
frequency spectrum, around 400 to 500 Hz. Simulated tyre/road noise also shows an important contribution
of U4, especially for rough road surfaces. Although the results are not identical, the tendencies are the same.
The simulations show important components of U4 around 1000 Hz, but also components around 400 to 500
Hz. The surprising part is that in the simulation, there is no flow-related mechanism included. The simulated
tyre/road noise is only based on tyre vibrations. The conclusion is clear,

• noise from tyre vibrations can grow faster with speed than what has typically been assumed. The expected
U2 dependency is insufficient, a variety of speed exponents for tyre vibration-induced noise is found.

• it is also shown that tyre vibrations contribute to high-frequency tyre/road noise, giving reasons to dis-
cuss the classical division that “low-frequency noise is due to tyre vibrations and high-frequency noise is
caused by air-pumping”.

5 THE INFLUENCE OF THE AIR CAVITY ON THE GENERATED
EXTERIOR SOUND

5.1 Modelling the tyre cavity in the WFEM
To include the air-cavity into the WFEM has been described in detail by Nilsson [14]. The main tasks are to
include the wave guide finite elements for the fluid and couple these to the structure. The exact implementation
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Figure 2. A 205/55 R16 tyre (left) and the corresponding WFEM (right)
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Figure 3. Dispersion diagram for all modes on the tyre (left) and for only the modes inside the air-cavity (right)

of these two steps in the WFEM used here is described by Hoever [15].The model was implemented for an
existing slick Continental tyre (see Figure 2, left side). The model consists of 46 deep shell elements for the
sidewalls and belt. The tread is represented by 20 quadrilateral 9-node Lagrangian solid elements. Material data
for this tyre are found in [7].
For the modified tyre i.e. with the air cavity and the rim, 28 shell elements are added for the rim, along with
707 triangular fluid elements and 69 shell-fluid coupling elements for the air cavity.
The rim is made of 4mm thick steel with a density of 7800 kg/m3, a Young’s modulus of 210e9 Pa, a Poisson’s
ratio of 0.31 and a loss factor of 0.005. For the air cavity a temperature of 20 degree Celsius and an inflation
pressure of 200 kPa give wave speed of 344 m/s and a density of 3.56 kg/m3. Different loos factors are used
in the air cavity as described in the further text.
Within the WFEM one extracts the eigenfrequencies of the lateral modes for each polar order (i.e. number of
waves on the circumference). The results are shown in Figure 3 on the left side. An extensive discussion of
those dispersion diagrams can be found in [7].
In order to easily identify the modes in the air cavity the pre-stress of the tyre structure as well as the density
of the rim have been changed in a way that all structural modes have been moved up in frequency outside the
frequency range of interest. The resulting dispersion diagram for the modes inside the air cavity is shown on the
right hand side of Figure 3. Four branches can be identified which represent circumferential modes combined
with four modal pattern in the cross section of the tyre cavity. The first branch does not have any variation
of the sound pressure in the cross section. The second branch has a vertical nodal line, the third branch a
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Figure 4. Shape of the cross sectional mode for branch 2 (left), branch 3 (middle), branch 3 (right)

horizontal nodal line and finally the fourth branch two vertical lines as shown in Figure 4.
All these modes would be very good radiators as their sound speed is equal or higher than the sound speed in
air. The importance of these modes for the radiated exterior sound depends, however, on their amplitude when
excited during rolling and the coupling between the interior sound field and the vibrations of the tyre structure.

5.2 Contribution of the cavity modes as function of road surfaces
The rolling simulations are carried out at a speed of 80 km/h and with an axle load of 3000 N per tyre. Two
different surfaces are used. An ISO surface and a rather rough spit mastic asphalt. Both surfaces are roughness
scans from surfaces used in the Sperenberg project [13]. Six parallel tracks are used in lateral direction a
resolution of 0.5 mm in longitudinal direction. The sound pressure is calculated as mean sound pressure from
321 points on a half-sphere of radius 1 m around the centre of the contact between tyre and road. For each of
the road surfaces the mean radiated sound pressure in third octave bands is calculated for two the tyre model
including the air-cavity as well as for the tyre model without the air-cavity. Please note that both tyre models
models give almost identical structural responses. The mobilities are shown in Figure 5.
The mobility is measured and calculated in radial direction in the middle of the belt. For the measurement
the tyre was freely suspended while for the calculations the tyre rim is blocked. This is the reason for the
differences at very low frequencies between measurements and calculations as the freely suspended tyre does
not show the very first resonance. The important differences between the two calculated mobilities are the small
peaks in the mobility due to the resonances inside the tyre cavity. Higher order modes of the interior (e.g. from
branch 2 or higher) are very hard to observe in the structural response of the tyre.
In Figure 6 the results of the simulations for the mean of the radiated sound pressure on the sphere are pre-
sented.
Two different loss factors for the damping of the tyre cavity are used, 0.003 indicated as “normal damping” in
Figure 6 and 0.0003 indicated a “small damping”.
There is a clear influence by the air-cavity on the mean of the radiated sound pressure in the case of the very
rough spit mastic asphalt surface while this influence is only marginal for the smooth ISO surface. Only for
small loss factors in the cavity even for the case of the ISO surface the modes inside the air-cavity leads to an
increased sound pressure. In general the influence of the cavity is only observed below 1000Hz.

Closer investigations showed that the difference in results for the ISO surface and the spit mastic asphalt surface
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could not be explained by a change in contact forces for the cases with and without taking the sound field inside
the air-cavity into account. Both footprint and contact force spectra look more or less identical in both cases.
The difference is found in the underlying physics of the excitation of the cavity. One can consider the tyre
structure as a moving membrane radiating into the inside of the cavity. As the propagating waves on the tyre
are very short in wavelength in comparison to the wavelength in air the question arises which is the effective
volume flow fed by the “membrane” to the cavity. For this the velocity on the tyre structure was calculated for
all elements and multiplied with the surface element size. The resulting total volume flow (i.e. sum over all
elements) is presented in Figure 7. There is a clear difference in volume flow for both surfaces at frequencies
below 1000 Hz. This might mean that the cavity is much stronger excited in the case of the spit mastic asphalt
and consequently the contribution of the air-cavity to the total radiated sound field is stronger.

6 CONCLUSIONS
The paper showed that the contribution of of air-floor related mechanisms (mostly named as air-pumping) are
not as evident as often claimed in literature. To argue with the observed speed exponent in measurements is
a weak or even erroneous argument as such speed exponents can also be observed when only simulating tyre
vibrations. This does not mean that the observed phenomena such as closing cavities do not exists, but that
maybe only in exceptional cases they might be of importance for the rolling noise generation. It also has
shown that there is a need to extend the modelling of tyre vibrations by taking into account the the sound field
inside the air-cavity of tyres. The influence of the cavity modes on the generated rolling noise strongly depend
on

• the damping inside the air-cavity

• the roughness of the road surface

• and the stiffness/mass of the tyre structure.

The influence is only observed at frequencies below about 1000 Hz. Although these findings increase the
complexity of tyre/road noise simulations they also offer an additional degree of freedom for the reduction of
tyre/road noise by adding more damping to the tyre cavity. Despite this one should however have in mind that
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the simulation results foe the case without taking into account the air-cavity represent the lower limit for an
reduction by such measures.
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Abstract
When optimizing the tire/road structure-borne interior noise, multiple other coupled tire performances need to
be simultaneously optimized. Typically, different tire design prototypes are built and tested. However, with the
recent advent in virtual product development and the Digital Twin concept, high-fidelity numerical simulation
approaches become a viable alternative to the experimental approach. These numerical approaches allow for
design space exploration without the need for building and testing physical tire prototypes. Therefore, in this
work the use of a fully predictive nonlinear numerical approach for the prediction of the dynamic contact- and
hub forces of a tire rolling over a coarse road surface is described. These predicted hub forces can then be further
used to assess the tire/road structure-borne noise performance of a tire. The influence of incorporating tire
model nonlinearities as well as rim flexibility on the simulated hub forces is discussed. Furthermore, nonlinear
model order reduction and hyper-reduction techniques are applied to greatly reduce the numerical simulation
time, being approximately ten times faster than the experimental approach. Finally, a comparison between the
predicted hub forces and experimental hub forces is shown, where a sufficient correspondence between both can
be observed for design engineering purposes.
Keywords: Tire, Interior noise, Simulation

1 INTRODUCTION
In this work, the prediction of dynamic hub forces arising due to a tire rolling with a constant speed (i.e.
steady-state) over a coarse road surface is of interest. These hub forces are typically a main source of structure-
borne interior cabin noise for the 0 – 400Hz range (1, 2). The structure-borne interior noise tends to dominates
the airborne interior noise in this frequency range for rolling over a coarse road surface (1, 3, 4). The ability
to predict the hub forces and corresponding structure-borne noise of a specific tire design is therefore valu-
able in an overall performance assessment during virtual tire development. More specifically, the vertical hub
force is of interest as a performance indicator of the structure-borne interior noise performance of a tire design.
As the tread pattern has limited contribution to the hub forces below 400Hz for rolling over a coarse road
surface(1), only slick and ribbed slick tires are considered in this work. Recently, the authors have proposed
a fully predictive methodology for simulating dynamic contact and hub forces for rolling over a coarse road
surface (5). Here, a fully nonlinear structural finite element (FE) tire model in combination with the Arbitrary
Lagrangian Eulerian (ALE) formulation for bodies in rolling contact (6), an acoustic FE model of the air cavity,
a constraint-based contact formulation (7) and a hyper-reduction method are used. In this work, the method-
ology is extended to include the rotation of the air cavity as well. In earlier work (5) the regular Helmholtz
equation was applied which corresponds to assuming a non-rotating air cavity. In this work, the acoustic domain
∗daniel.degregoriis@kuleuven.be
†frank.naets@kuleuven.be
‡peter_kindt@goodyear.com
§wim.desmet@kuleuven.be
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is modeled using the convected Helmholtz equation (8), similar to the work by e.g. Cao and Bolton (9). A
nonlinear FE tire model can be seen as a virtual replica (or Digital Twin (10)) of the real tire, thus allowing a
design engineer to directly apply the same changes to this model as would be done to a physical tire design.
Examples of such design changes are reinforcement fiber angles, compound properties etc. The use of a fully
nonlinear FE tire model is typically computationally too expensive to use in a design context, as it often takes
more time to run the simulations than to build the physical tire prototypes. Therefore, the a-priori nonlinear
Multi-Expansion Modal (MEM) hyper-reduction method (11) is applied to the nonlinear FE tire model, greatly
reducing the computational costs and enabling the use of the fully predictive method as an alternative to the
experimental testing. The remainder of this work is structured as follows: the high-fidelity tire modeling ap-
proach is discussed in section 2. Application of the MEM hyper-reduction method is discussed in section 3.
The use of the predictive methodology to estimate the structure-borne interior noise performance of a test tire
is discussed in section 4. Finally, conclusions are given in section 5.

2 HIGH-FIDELITY TIRE MODELING FOR HUB FORCE PREDICTION
As discussed in section 1, a high-fidelity tire modeling approach is adopted (5). The semi-discretized FE equa-
tions of motion of the structural tire domain can be expressed as:

Mẍ+GALE (x,ω) ẋ+ f(x, ẋ)− fALE (x,ω) = fp (x, pa)+ fc (x,xr)+ fe (1)

Here, the current configuration x(t) ∈ Rn is defined as x(t) = x0 +u(t), where x0 is a reference configuration
and u(t) is the total displacement with respect to the reference configuration at time t. The first and sec-
ond derivatives of the current configuration with respect to time are denoted as ẋ and ẍ, respectively. All
configuration-dependent terms therefore depend on time as well, but this time-dependency is dropped from no-
tation for clarity reasons. The constant mass matrix is denoted by M ∈ Rn×n, the Gyroscopic ALE matrix is
denoted by GALE (x,ω) ∈ Rn×n, the nonlinear internal force term is denoted by f(x, ẋ) ∈ Rn (12), the ALE
rotational inertial force term is denoted by fALE (x,ω) ∈ Rn, where ω is the constant angular velocity of the
tire, the nonlinear inflation pressure force term is denoted as fp (x, pa) ∈ Rn (12), where pa denotes the tire
inflation pressure, the nonlinear contact force term is denoted as fc (x,xr) ∈ Rn, where xr is the set of road
surface contact constraints at time t, and the constant external force term (e.g. a vertical load) is denoted as
fe ∈ Rn. As slick and ribbed slick tires rolling with a constant angular velocity over a coarse road surface are
considered in this work, the Arbitrary Lagrangian Eulerian (ALE) formulation for bodies in rolling contact, as
proposed by Nackenhorst (6), is used. Here, the steady-state material flow of the tire material is modeled in
a Eulerian (i.e. spatial) formulation (material streamlines). The deformation of the Eulerian domain (i.e. the
finite element mesh) is described using a material/Lagrange formulation. As a result, the tire mesh does not
rotate and needs only to be refined in the tire/road contact area (6). The rolling contact between the tire and
coarse road surface is modeled using a penalty method constraint-based contact mechanics approach (7). The
constraint-based computational mechanics method requires no measurements and/or tuning, thus allowing a fully
predictive numerical approach. Following the ALE approach, the road surface is modeled as flowing through
the spatial tire domain. Given the hub velocity of the rolling tire and a scan of the road surface (or analytical
expression of the surface), the road surface asperity heights in spatial points of the tire domain can be extracted
per discrete timestep via e.g. a projection based contact detection algorithm (7). This concept is illustrated in
Figure 1 (a). These asperity heights are applied in the tire spatial points as geometrical contact constraints xr
per discrete timestep. Figure 1 (b) shows the time history of the geometrical contact constraints in a tire spatial
point, derived from a coarse surface scan.
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Figure 1. Schematic overview of applying dynamic contact constraints in the ALE-formulation (a) and an
example of geometrical contact constraints extracted in a spatial point (b)

In case rim flexibility is considered as well, the structural equations of motion (1) are extended to include
the flexible rim domain. Tied contact is assumed between tire and rim in the tire/rim interface, as no relative
movement of the tire bead area with respect to the rim flanges typically occurs for steady-state rolling.
In order to include the acoustic wave propagation in the rotating air cavity, the convected Helmholtz equation (8)
is used, similar to the work by Cao and Bolton (9):(

∂

∂ t
+v0 ·∇

)2

p− c2
∇

2 p = 0 (2)

Here, v0 is the uniform flow velocity (i.e. space- and time independent), ∇ is the Nabla/Del operator 1, c is
the speed of sound and p is the acoustic pressure. Information on the weak form of the convected Helmholtz
equation and its discretization can be found in e.g. the work by Guasch and Codina (13). While the convected
Helmholtz equation assumes uniform flow, the air cavity flow velocity is not constant: it increases linearly
across the cavity cross section with respect to the distance from the tire hub. This error is assumed to be of
minimal influence for the first acoustic eigenmodes. Similarly to the structural eigenmodes, the acoustic eigen-
modes also split-up into traveling modes due to the rotation (1). Applying the vibro-acoustic coupling boundary
conditions (14) to the structural equations of motion (1) and including the convected Helmholtz equation then
yields the following vibro-acoustic equations of motion:[

M 0
Msa Ma

][
ẍ
p̈

]
+

[
GALE 0

0 Ga

][
ẋ
ṗ

]
+

[
Ksa

Ka−KGa

][
u
p

]
+

[
f− fALE

0

]
=

[
fp + fc + fe

0

]
(3)

Here p ∈ Rna is the air cavity acoustic pressure field, ṗ and p̈ are its first and second derivatives with respect
to time, respectively. Note that all of the dependencies of the structural domain force and matrix terms have
been dropped for simplicity of notation. The acoustic mass matrix is denoted as Ma ∈ Rna×na , the acoustic
Gyroscopic matrix is denoted as Ga ∈ Rna×na , the acoustic stiffness matrix is denoted as Ka ∈ Rna×na and
the acoustic Gyroscopic stiffness matrix is denoted as KGa ∈ Rna×na . The vibro-acoustic coupling terms are
denoted by Ksa ∈ Rn×na and Msa ∈ Rna×n. Additional information on the weak form and discretization of these
additional acoustic domain terms and vibro-acoustic coupling terms can be found in the work by Everstine (14).
A nonlinear vibro-acoustic FE tire model, as used in this work, is shown in Figure 2.

1∇ =
(

∂

∂x1
, ∂

∂x2
, ∂

∂x3

)
, where xi represents a Cartesian coordinate direction

485



Figure 2. Nonlinear FE tire model as used in this work, where the structural tire domain is shown in green and
the acoustic domain is shown in gray

3 APPLICATION OF THE MEM METHOD
In order to reduce the numerical costs associated with solving the nonlinear vibro-acoustic equations of mo-
tion (3), which can exceed several weeks of computation time to simulate one second of rolling, the Multi-
Configuration Modal (MEM) hyper-reduction method (11) is applied. Using the Galerkin method, a trial so-
lution residing in a lower dimensional subspace of the original solution space is inserted into the equations
of motion. Using the same trial solutions, the residual arising due to the insertion of the trial solutions into
the equations of motion is eliminated via the projection (i.e. pre-multiplication) of the equations of motion
onto the subspace. This yields a lower dimensional system (typically several orders of magnitude smaller),
resulting in computational speedups (since a much smaller system needs to be solved). For the nonlinear vibro-
acoustic FE tire model, the full-order solution

[
u p

]T ∈ Rn+na is approximated by a reduced-order solution[
qs qa

]T ∈ Rm, which resides in a constant subspace of the solution space. The subspace is spanned by the
columns of V ∈ Rn+na×m, where:

V =
[
Vs

T Va
T ]T (4)

Here Vs ∈ Rn×m is defined as the structural part of the subspace basis (i.e. approximating the structural field
variables) and Va ∈ Rna×m is defined as the acoustic part of the subspace basis (i.e. approximating the acoustic
field variables). Hereafter V is called the reduced order basis (ROB). This leads to the following approximations:

x≈ x̃ = x0 +Vsqs (5)
p≈ p̃ = Vaqa (6)

Exploiting the ALE-formulation, i.e. the non-rotating mesh, nonlinear static contact configurations and eigen-
modes, calculated around these nonlinear static contact configurations, are used as the ROB. The nonlinear static
contact configurations capture the gross nonlinear deformation of the tire and are calculated using equidistant
samples taken from the a-priori known geometrical road surface constraints. The eigenmodes capture the dy-
namic response of the tire. Using the finite element assembly procedure, the projected nonlinear terms can be
expressed and approximated as (11, 15):

f̃(x) = Vs
T f(x) =

|E|

∑
i=1

Vs
T
,i fi (x)≈ f̄(x) =

|Es|

∑
i=1

siVs
T
,i fi (x) and si ≥ 0 (7)

Here E is the total set of finite elements and Vs
T
,i and fi both have a sparse structure, only containing the

contributions of element i. A subset of elements Es ⊂ E is sampled from the finite element mesh, where |Es| �
|E|. Each element of the subset Es is given a positive weight s. Only a limited set of elements thus needs to be
evaluated per iteration step to approximate the projected terms. This effectively results in a substantial reduction
of the overall computational time. The nonlinear static contact configurations, as used for the ROB, are used
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for the element sampling as well. More specifically, a constrained L1 optimization problem is solved (11). As
both the ROB and the MEM method only require static configurations (and eigenmodes calculated around these
configurations), the overall MOR approach is feasible to use in a design context, as all static configurations can
be calculated in parallel and no dynamic simulations of the full-order model are required. Application of the
MEM hyper-reduction method to expression (3) then yields:

M̃
[

q̈s
q̈a

]
+ Ḡ

[
q̇s
q̇a

]
+ K̃sa

[
qs
qa

]
= f̄ (8)

Here the reduced and hyper-reduced terms are:

M̃ =

[
Vs

T MVs 0
Va

T MsaVs Va
T MaVa

]
∈ Rm×m (9)

G̃ =

[
Vs

T GALEVs 0
0 Va

T GaVa

]
∈ Rm×m (10)

K̃sa =

[
Vs

T KsaVa
Va

T (Ka−KGa)Va

]
∈ Rm×m (11)

f̃ =
[

Vs
T (fp + fc + fe− f)

0

]
∈ Rm (12)

Ḡ =

[
∑
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i=1 siVs

T
,i Gi,ALEVs,i 0
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T GaVa

]
(13)

f̄ =

[
∑
|Es

p|
i=1 si,pVs

T
,i fi,p +Vs

T fc +Vs
T fe−∑

|Es|
i=1 siVs

T
,i
(
fi− fi,ALE

)
0

]
(14)

4 APPLICATION OF THE PREDICTIVE METHODOLOGY
A tire of size 205/55R16 mounted on a lightweight alloy rim is loaded force-controlled, using a vertical external
force ||fe|| = 4000N, onto a drum. After achieving the desired static vertical load, the axle position is locked
and the drum is set into motion. The drum rotates with a fixed angular velocity and drives the tire. The drum
angular velocity is chosen such that the rolling speed of the tire is 22.22ms−1, i.e. 80kmh−1. A coarse road
surface is mounted on the drum. A fully nonlinear vibro-acoustic FE model of the test tire is constructed using
geometrical properties extracted from the test tire design and material properties extracted from material tests.
This full order model (FOM) contains over 38,000 elements and 175,000 degrees of freedom (DOFs). Using
the ROB and the MEM hyper-reduction method, a hyper-reduced order model (HROM) of the FOM is created.
The number of degrees of freedom (DOFs) is reduced by a factor of 125, whereas the number of elements that
have to be evaluated per iteration step (|E| or |Es|) has been reduced by a factor 27. The total speedup factor
(SF) after application of the MEM method is in the order of magnitude of 100. The full-order approach takes
around ten to eleven times longer than the experimental approach, while the MOR approach is typically ten
times faster than the experimental approach. This effectively means that the total simulation time is reduced
from months to hours. A total of one second of rolling is considered in order to achieve a relevant frequency
resolution. Since steady-state rolling is considered, spectral convergence is achieved for even this duration of
rolling.
As an application case, the influence of the inflation pressure on the vertical hub force spectrum and cor-
responding structure-borne interior noise is investigated. Two different inflation pressures, pa = 2 · 105Pa and
pa = 2.5 ·105Pa are considered. The shift of certain peaks in the 50–200Hz frequency range is of interest to as-
sess the effect of the inflation pressure. A comparison between the experimental and numerical results is shown
in Figure (3). The pa = 2 · 105Pa and pa = 2.5 · 105Pa cases are shown in Figure (3) (a) and (b), respectively.
The vertical hub force spectra are predicted with good accuracy, and therefore allow to use the proposed predic-
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tive methodology as an alternative to experimental approaches to assess the structure-borne noise performance
of a tire design.

Figure 3. Comparison of the normalized experimental and numerical vertical hub force PSDs, for two different
inflation pressures: pa = 2 ·105Pa (a) and pa = 2.5 ·105Pa (b)

Effects and limitations of modeling assumptions
Including all nonlinearities in the equations of motion (3) results in the need for MOR and hyper-reduction.
An alternative could be to linearize the equations of motion (keeping only the contact force term nonlinear) in
order to reduce the numerical costs. The vertical hub force Power Spectral Density (PSD) corresponding to this
case is shown in Figure 4 (a), along with the vertical hub force PSD for the fully nonlinear case (i.e. keeping
all nonlinear dependencies). As can be seen, the nonlinearities need to be taken into account in order to have a
fully predictive methodology for the entire frequency range of interest, as the linearized approach is limited to
lower frequencies and therefore less suitable for a structure-borne interior noise prediction application.
For 15 – 17 inch passenger car tire sizes, alloy rims typically have a limited influence on the vertical hub force
spectrum, as the (radial) rim dynamics are out of the 0–400Hz frequency range (16). While of less interest
for structure-borne interior noise prediction, the lateral hub force spectrum typically is influenced by the rim
dynamics in the frequency range of interest, even for alloy rims in the 15–17 inch size range. The effect of
including a 16 inch flexible alloy rim model on the lateral hub force spectrum is shown in Figure (4) (b). As
can be seen, the coupling between the flexible alloy rim and the tire and its effect on the lateral hub force is
not negligible. When considering either steel rims of comparable size or larger size alloy rims, both of which
have their resonance frequencies typically below 350Hz, the vertical hub force spectrum is therefore influenced
by the rim dynamics as well and a flexible rim model should then be included to capture these effects in order
to accurately predict the vertical hub forces and corresponding structure-borne interior noise.
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Figure 4. Influence of the nonlinear terms on the simulated vertical hub force PSD (a) and the influence of
including a flexible rim model on the simulated lateral hub force PSD (b)

5 CONCLUSIONS
In this work, the use of a high-fidelity approach for predicting the tire/road contact and corresponding hub
forces for constant speed rolling over a coarse road surface is described. Vertical hub forces are typically a
the main source of structure-borne interior noise when rolling over a coarse road surface, prediction of these
hub forces therefore allows to assess the interior noise performance of a tire design. A fully nonlinear FE tire
model (which can be seen as a Digital Twin) is combined with an ALE-formulation and a constraint based
contact mechanics formulation. The acoustic domain is modeled using the convected Helmholtz equation. In
order to reduce the computational costs associated with solving the set of nonlinear equations of motion, the
MEM hyper-reduction method is applied. Speedup factors of about 100 are achieved, effectively reducing the
computation time from months to hours.
The influence of the inflation pressure on the structure-borne interior noise performance of a tire is investigated
as an application case. Both a physical test tire and numerical test tire are loaded onto a rolling drum with a
coarse surface. The vertical hub force spectra are calculated and compared for both the physical and numerical
test tire for two different inflation pressures. A good correspondence can be observed between the experimental
and numerical results. The described predictive methodology can therefore be used as an alternative to the
experimental approach, in order to assess the structure-borne interior noise performance. While for the tire
considered in this work the dynamic properties of the alloy rim have a limited influence on the vertical hub
force spectrum in the 0–400Hz frequency range of interest, it is shown that for the lateral hub force spectrum
the influence is not negligible. In general, a flexible rim model should be included for steel rims of comparable
sizes, as well as for larger sized alloy rims. Inclusion of the nonlinear terms in the equations of motion is
necessary to correctly predict the vertical hub force spectrum in the entire frequency range of interest, as a
linearized approach is limited to lower frequencies.
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ABSTRACT 
Inhabitants of the urban environment are exposed to high levels of traffic noise and increase in amounts of 
waste. One way to mitigate their exposure to noise is to take advantage of the existing public spaces between 
buildings and transform the available surfaces of pavements into elements that foster comfort and health for 
urban residents.  
This work aims to develop low noise pavements by using certain waste materials. Semi-dense asphalt (SDA) 
mixtures (Air Voids = 12-16%) is used in this study due to their acoustic properties. Part of the aggregate 
matrix incorporates crumb rubber (CR). The various mixtures produced are compacted into 100mm dimeter 
specimens and subjected to texture measurements by 3D laser profilometry, porosity measurements and 
sound absorption measurements by the impedance tube method (EN 10534-2). The SDA mixtures showed a 
higher surface macrotexture amplitude, MPD. They also showed a more negative surface profile Rsk, 
indicating better noise properties based on the shape. This study gives us an understanding on how waste 
materials impact the texture and acoustic properties of roads and ultimately, to what degree they can be 
incorporated in low-noise asphalt mixtures. 
 
Keywords: Semi Dense Asphalt; Low Noise Pavements, Crumb Rubber 

1. INTRODUCTION 
Greater demands on the road transport infrastructure as a result of economic growth have 

manifested themselves in an increase in the number of vehicles worldwide. This  increase is inherently 
accompanied by increase in congestion, noise, energy use and gaseous and particle emissions as well 
as an increase in the infrastructure overuse. A recent report by the World Health Organization (WHO) 
indicates that in the EU and Norway, traffic noise is the second biggest environmental problem 
affecting health after air pollution (1). 

A review by the authors has demonstrated how a considerable amount of waste produced in the 
urban and peri-urban environment can be recycled in asphalt roads. It was shown that various waste 
materials such as glass, asphalt, concrete, wood, tires, plastics etc. have technically a potential for 
re-use in asphalt roads. The available quantities of the European target waste materials that would 
otherwise be incinerated or disposed of in landfills were considered. It was shown that there is high 
potential in Europe for recycling in road construction, in particular, under the hypothetical scenario 
where 33% of new roads would be made of the target waste materials (excluding reclaimed asphalt 
pavement RAP which is already recycled), it is estimated that 16% of the available waste quantities 
could be recycled in roads. Four hypothetical roads were analyzed showing a considerable savings in 
costs, CO2 and energy in comparison to conventional asphalt mixtures using al l virgin components (2). 
However although technically viable, only those waste materials should be considered that their use in 
the roads are also environmentally superior to alternative uses in other applications. A viable example 
is the amount of crumb rubber from old tires that is expected to continue to increase and be available 
in the near future, and the best use of this material may indeed be road construction. Figure 1 shows 
effects related to vehicle and surroundings during driving, such as noise, rolling resistance, and tire 
wear, plotted against texture wavelength. It can be seen from this illustration that lower macrotexture 
have positive effects on road noise and the opposite effect on rolling resistance that is a safety 
consideration. Introduction of rubber in mixtures, including ground tires, can also contribute towards 
reduction of traffic noise by 2.5 to 4 dB (3). Development of low noise pavements specifically for the 
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urban environment considering the frequencies and loading of such pavements is lacking.  In 
Switzerland the semi dense mixtures (SDA) have shown promising results (4). These are special type 
of gap graded mixtures with high porosity up to 18%. 

 

 
Figure 1 Illustration of texture wavelengths, anticipated effects showing that noise is affected by 

macrotexture (4) 
One potential urban waste material that has been shown to have low noise properties is crumb 

rubber (CR) from used tires (3). This project aims to investigate the low noise properties of CR 
modified asphalt concrete as potential low noise pavement. 

2. MATERIALS 
Two semi dense asphalt concrete mixtures with maximum aggregate size of 4 and expected porosity 

of 14% to 18% (SDA4-16) were produced in the lab. The gradation of both is shown in Figure 2. 
According to the standard, conventional polymer modified bitumen was used to prepare the reference 
mixture (SDA4-PmB). For the experimental one, crumb rubber produced by mechanical grinding with 
size <800μm was used as additive in a mixture with non-modified bitumen. The overall void content 
(connected and not connected) determined for Marshall cylindrical samples (100mm dimeter; ca 
60mm height) of the two mixtures was 13.2 and 13.8 for SDA 4-CR and SDA4-Pmb respectively.  
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Figure 2 Aggregate size distribution of SDA-4 with polymer modified bitumen and with straight run bitumen 

50/70 and 1% CR 

3. METHODS 

3.1 Mixture and Sample Production 
All mixtures were produced in the laboratory using polymer modified bitumen and straight run 

bitumen with 50/70 penetration grade with crumb rubber modification. 1% crumb rubber was added 
using the dry process to the mixture. In the dry process CR is added to the hot aggregates before the 
addition of bitumen. After the mixing process, the mixtures were conditioned for 120 minutes at 160°C. 
This conditioning time is important for the crumb rubber to interact with the bitumen. The samples 
were compacted using the Marshall hammer with 50 blows per side.  

3.2 Mechanical Tests 
The tensile strength of the specimen was determined using the indirect tensile test according to the 

European standard (EN 12697-23). In this test, the load is applied to a cylindrical specimen (100mm 
dimeter, 60mm height) loaded diametrically until failure. The experiments were performed at room 
temperature ca 23°C. 

3.3 Surface Texture 
The surface texture of the asphalt mixture samples was measure by an Ames Engineering 9400HD 

3D laser scanner. The tests were conduction on one Marshall sample of each type: dense asphalt with 
about 5% pores, semi-dense asphalt (SDA 4 Pmb), and semi-dense asphalt with 1% crumb rubber 
(SDA 4 CR); both with about 13% pores. The test was conducted by placing the sample horizontally 
under the device and conducting two 50x50 mm area scans in two random directions. The resolution s 
were 0.005 mm vertically, 0.00635 mm along the length of the scan and 0.02469 mm for the width. 
2000 scan lines were conducted for each area scan, for a total of 4000 scan lines for each sample. 

 

3.4 Acoustic Absorption 
Three specimens from three types of mixtures were tested in the impedance tube based on ISO EN 

10534-2 (7). This procedure measures the normal incidence sound absorption coefficient using the 
transfer function method. In these tests one sample of each mixture type was used: SDA4-Pmb 
SDA4-CR. Furthermore, a dense asphalt specimen with less than 5% air void content was evaluated as 
control specimen to analyze the effect of the porosity on the sound absorption. The testing was 
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conducted on the same samples as the surface texture.  Figure 3 shows these specimens. Each sample 
was tested three times with about 120 degrees of rotation. The produced plots are the average of these 
three measurements for each sample. Figure 4 shows the test rig using the B&K two-microphone 
impedance measurement tube type 4206. 

 

 
Figure 3 Specimens used for acoustic tests a)Dense asphalt, b)SDA4 Pmb, c)SDA4 CR 

 

Figure 4 Acoustic test setup showing the impedance tube and data acquisition devices 
 
Initially, the SDA4 Pmb and SDA4 CR specimens were 99mm in diameter, therefore an ai r gap 

existed between the specimen and the inner wall of the impedance tube (which is 100mm). The results 
obtained in this condition contained an artefact at about 200 Hz to 300 Hz. The tests were repeated 
with the same specimens but this time sealed and fixed using masking tape around the perimeter of the 
cylindrical specimens. In this condition, the artefacts were not present in the measurement results. The 
difference between the results in these two conditions emphasizes the importance of fitting the 
specimens correctly in the impedance tube to avoid artefacts.  

4. RESULTS 

4.1 Mechanical Tests 
Figure 5 shows the results of three repetitions for the indirect tensile test on the CR modified 

mixture and the conventional mixture with Polymer modified binder. As shown in Figure 5, the CR 
modified mixtures could withstand slightly higher loads in comparison to the polymer modified 
mixtures. 
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Figure 5 Maximum force to mechanical failure as a result of the indirect tensile tests 

4.2 Surface Texture 
Based on the 3D laser scans, a number of texture parameters were calculated as shown in Table 1. 

These parameters were calculated on the Macrotexture as defined in ISO 13473-1 (8), where only the 
texture wavelengths between 0.5-50 mm were considered. The pavement macrotexture has been shown 
to be critical to pavement noise (4). Mean Profile Depth (MPD) is a measure of the depth of the profile 
deviation from the mean. Rsk is the skewness value of the depths, which is an indication of whether 
there is a “positive” and “negative” surface texture. Rku, the kurtosis parameter indicates the presence 
of disproportionately high peaks or deep valleys (9). Finally the length and area ratios indicate the 
length of the profile versus the horizontal axis, which is a simple indication of roughness. 

Table 1 Macrotexture Parameters for Asphalt Mixture Samples 

Mixture Air Voids 

% 

MPD 

mm 

Rsk 

mm 

Rku 

mm 

Length 

Ratio 

Area 

Ratio 

Dense 5 0.461 -0.224 0.188 1.016 1.031 

Std Dev  0.132 0.577 1.204 0.008 0.000 

SDA 4 PmB 13 0.615 -0.586 0.420 1.036 1.070 

Std Dev  0.145 0.483 1.178 0.015 0.000 

SDA 4 CR 13 0.519 -0.311 0.324 1.023 1.047 

Std Dev  0.146 0.606 0.883 0.011 0.000 

 
The texture result show higher amplitude of macrotexture for the SDA mixtures in terms of MPD, 

as found with previous studies with more pervious asphalts (9,10). This can primarily be attributed to 
the higher content of voids for SDA causing an increased quantity of cavities at the surface. This 
increase in macrotexture or generally higher roughness is also visible from the higher length and area 
ratios for the SDA mixtures. The lower amplitude in the SDA 4 sample with CR is not clear, and could 
be attributed to the variation sample to sample, so more robust testing is needed, although some studies 
have also found a lower MPD with CR (11). 

 
The Rsk results showed negative skewness for all of the samples, with the SDA samples more 

negatively skewed. This negative skewness indicates the presence of deep valleys in the samples (12), 
and this type of surface profile has been shown to cause less vibration and therefore less noise during 
service (13). The Rku kurtosis values were less than 3 for all of the samples, indicating a more bumpy 
as opposed to spikey surface. This is an indication of better resistance to wear (12). In this parameter, 
the dense asphalt has a lower value, which indicates better wearing properties. 

 
The standard deviations for the MPD, Rsk and Rku values are quite high due to having been derived 

from a series of small segments from 0.5-50mm. The length and area ratios have very little variability 
due to having been derived from the whole length segments or areas.  
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4.3 Acoustic absorption 
Figure 6 shows the values of absorption coefficient for the sealed and non-sealed conditions on a 

vertical axis from 0 to 0.2. The horizontal axis shows the frequency spectrum from 63 Hz to 2000 Hz. 
As mentioned before, the artefacts at 200 Hz to 300 Hz seem to have been occurred due to the air gap 
around the sample and passage of acoustic energy to the back of the specimen.  

The SDA4_CR sample has slightly higher absorption coefficients than SDA4_Pmb.  This 
difference reaches 0.015 at its maximum which considering the uncertainty in the measurements are 
nearly identical.  

 
Figure 6 Absorption coefficient of two SDA specimens in two conditions 

 
Figure 7 shows the results of the impedance tube test for the two specimens for both sealed and 

non-sealed conditions together with the results for the dense asphalt. The absorption coefficient for a 
75mm-thick foam sample is also included to give a reference for an effective porous absorber material.  

As it can be observed, regardless of the medium air void contents, the range of absorption 
coefficients of these asphalt samples is considerably small along the frequency spectrum, i.e. always 
below 0.1.  

 
Figure 7 Absorption coefficient of the three asphalt samples in comparison to a highly absorbent foam sample 

Figure 7 shows the difference between the absorption coefficient of the three specimens SDA4_CR, 
SDA4_Pmb and dense asphalt for the correctly sealed condition.  
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Figure 8 Absorption coefficient of SDA4_CR; SDA4_Pmb and dense asphalt 
As illustrated on Figure 8, the absorption coefficient of both semi-dense asphalts is only slightly 

higher than dense asphalt. As a quantitative example, the ratio of the absorption coefficient of 
SDA_CR to that of dense asphalt changes from a minimum of 1.7 to a maximum of  8.1. This means 
that SDA_CR is at least 1.7 time more absorbing than dense asphalt. However these preliminary 
measurements show that SDA4 is not an effective absorber and its low noise properties are due to other 
characteristics. 

5. SUMMARY AND CONCLUSIONS 
The mechanical and acoustic performance of semi dense asphalt with and without crumb rubber 

waste from tires were tested and compared. The results show that crumb rubber modification does not 
compromise the mechanical performance of the mixture in terms of strength.  

The surface texture properties indicate higher macrotexture and overall texture of SDA mixtures 
relative to the dense asphalt. The SDA CR sample had a lower profile than the SDA PmB sample, but 
more testing is needed to find if this is a trend. The samples also showed a negative skewness, 
indicating better shape properties for noise. All of the samples tested showed a bumpy (as opposed to 
spikey) profile, indicating better resistance to wear, although the dense asphalt had the best result with 
this parameter.  

The acoustic absorption tests show that the absorption coefficient of SDA is considerably higher 
than the dense asphalt, however both materials are not effective absorbers.  

The semi-dense asphalt with crumb rubber has similar absorption coefficients compared to the one 
without crumb rubber. On that basis, sound absorption does not seem to be the dominant noise 
reduction mechanism when incorporating crumb rubber in the asphalt mixture.  

It is probable that other mechanisms of tyre-pavement noise generation such as air pumping and 
tyre vibrations can contribute more to the acoustic effectiveness of asphalt mixtures with crumb rubber. 
Measuring other properties of asphalt mixtures such as mechanical impedance, surface texture and 
porosity can help obtaining better expressions for the difference in the acoustic performance of the 
mixtures. The future work will be focused on measuring these properties and predicting noise 
reduction using more parameters than the absorption coefficient.   
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ABSTRACT 

The poro-elastic road surface (PERS) is an innovative pavement consisting of stone aggregates and rubber 

granulates, bound with an elastic resin, such as polyurethane. Dating from 1978 in Sweden, it can yield 

unequalled reductions of the tyre/road noise, ranging between 7 and 12 dB, whereas the best performing 

"conventional" noise reducing pavement, two layer porous asphalt, cannot do better than 7 dB. Since the 

invention of PERS, experiments have been carried out in several countries demonstrating the major 

drawback with this pavement type: its vulnerability and limited lifetime. In the FP7 PERSUADE project 

(2009-2015) a holistic approach was followed covering all relevant aspects. Several field tests on trafficked 

roads revealed that gluing prefabricated PERS slabs on a rigid under layer, is the most promising PERS 

technology. The LIFE project NEREiDE (2016-2020) focuses on the use of recycled materials in noise 

reducing pavements and comprises a work package about PERS. In the frame of this project, a 44 m long test 

track was constructed with prefabricated PERS slabs, on a local road in Gent, Belgium continuing on the 

technology developed in the PERSUADE project. This contribution outlines (briefly) the construction 

process and shows the promising results obtained so far during the subsequent monitoring. A noise reduction 

of up to 8-9 dB has been found, both with CPX and SPB methods. 

 

Keywords: low noise pavement, rubber, poro-elastic road surface 

1. INTRODUCTION 

The main noise source of cars is the interaction between tyres and the pavement, at least if the car 

is driving at speeds above 30 km/h. Abating traffic noise is hence mainly reducing tyre/road noise. One 

should attempt to make tyres quieter, but the pavements as well . From the pavement perspective, the 

tyre/road noise can only be reduced by changing one or more of three pavement parameters.  These 

parameters are: the pavement texture (rule of thumb: a minimum of megatexture combined with a 

maximum of macrotexture), the absorption by the pavement (high accessible void content and a proper 

shape and length of the “channels” formed by the voids) and the elasticity of the pavement. Low noise 

pavements based on an optimized texture or a high void content do exist and are even widespread in 

some countries, such as the Netherlands. However, the third possibility to reduce noise, reducing the 

dynamic stiffness, is barely exploited so far in the commercially available pavement types. A limited 

amount of extra noise reduction is claimed in some countries by adding rubber to bituminous 

pavements, typically 1 up to 2 dB(A), but these pavements are still quite “hard” compared to the tyre,. 

One can suppress tyre/road noise much more by making the pavement much more elastic, as 

demonstrated with PERS. 

2. PERS: OPPORTUNITIES AND CHALLENGES 

2.1 What is PERS? 

PERS is a porous (at least 20 % of accessible voids) and elastic pavement containing rubber 

granulates (at least 20 % by weight, virgin material or recycled) and an elastic polymer as binder, such 

as polyurethane. It may contain other ingredients, such as natural or artificial stone aggregate, certain 
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chemicals or certain types of fibres. Each of these ingredients has a specific function: enhancing skid 

resistance, durability, homogeneity of the wet mix, etc. 

2.2 Why do we (still) want it? 

PERS is in fact not a new idea: it has been invented at the end of the 1970ties by the Swedish 

consultant Nils-Åke Nilsson and some tests have been done in Sweden, Norway and from mid 1990ties 

also in Japan, demonstrating its huge and unequalled noise reduction potential: 7 up to 12 dB(A). The 

low noise pavements with the highest noise reduction which are in use today, two-layer porous asphalt, 

yield “only” 5 – 7 dB(A). Some further testing on PERS has been done in a national project in Sweden, 

in the national project “Noise Innovation Program” and in the subsequent project “Ultra Silent 

Pavement” in the Netherlands. A comprehensive overview of the history of PERS can be found in (1). 

This huge noise reduction potential makes PERS very attractive. PERS reduces – at least for cars – 

as much noise as typical noise barriers, opening interesting perspectives for noise abatement. Noise 

screens indeed do have many disadvantages. They are expensive; their effectiveness depends on the 

local weather conditions; they are vulnerable to vandalism; intrusive and last but not least: there are 

many situations where they cannot be used, e.g. along most city streets. 

2.3 Requirements and challenges 

There are a few reasons why PERS is still a concept and not yet a widespread tool for noise 

abatement, in spite of the fact that the concept was invented 40 years ago. The history of PERS is up to 

now mainly a list of failures (1). The main reasons of the failures were: insufficient ravelling 

resistance, insufficient bonding to the sub layer and insufficient skid resistance. In some cases, the 

failures were due to reasons which were “external” to the PERS, such as disintegration or rutting of the 

sub layer(s) or accidental destruction of the PERS by a snow plough. The lifetime of the PERS varied 

from a few weeks up to a few years with some relatively successful Japanese experiments and a quite 

successful PERSUADE test track (see further). There were also questions about the fire safety and the 

safety of the workers, the economic feasibility and the sustainability of the product. 

2.4 The PERSUADE project 

Between 2009 and 2015 an FP7 project “PERSUADE” was conducted in order to develop PERS 

from a yet experimental concept to a usable noise abatement measure  (2).  

The problems to be solved and questions to be answered about PERS at the beginning of the project 

were numerous: how to produce a mix which would yield a durable, highly noise reducing pavement 

with a sufficient skid resistance? How to avoid the PERS to ravel or to loosen from the sub layer? What 

in the case of a fuel spill? Or in the case of an accidental vehicle fire on a PERS section? How to build 

PERS without increasing rolling resistance? Which precautions should be taken to protect road 

workers and residents living nearby from hazardous fumes during construction? What to do with PERS 

at the end of its lifetime? What about economic aspects? 

The PERSUADE project turned out to be a partial success: achievements are the demonstration that 

PERS can be quite ravelling resistant (comparable to thin asphalt layers), that it is not toxic and there 

is no fire risk. On the contrary, PERS can be used for better fire protection in, for example, tunnels. 

Obtaining a good skid resistance is easily possible and its noise reduction is comparable to a 4 m to 6 

m high noise screen on both sides of the road. Application techniques have been developed, tested and 

well documented. PERS can dramatically reduce the production of fine dust from studded tyres. 

Winter behaviour is an issue but, as for porous asphalt, this can be avoided by an adapted winter 

strategy. The product can be beneficial from an economic point of view in some cases. Moreover, when 

the noise reduction is taken into account it is a sustainable solution.  

The project team was less successful in demonstrating the long term durability: the monitoring time 

of the full scale test sections became shorter than planned due to some delays with finding and testing 

durable mixes, but also the construction was delayed, and some of the test sections failed prematurely. 

The team learned that PERS on an asphalt sublayer combined with a significant volume of trucks is not 

a good combination as it leads to delamination within about one year. If water is not properly 

evacuated from the PERS after rainfall, this might speed-up the delamination. However, on a road 

without trucks, or a low proportion of trucks, PERS may work. Furthermore, at the end of the project 

(August 2015) the consortium had indications , based on the observations on the Swedish and 

Slovenian test sections and the test in the wheel tracking device, that a prefabricated PERS slabs glued 

on a semi-flexible or cement concrete sub-layer will be much more durable, even under the action of 

truck tyres. 
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2.5 The best performing solution so far: PERS slabs on a semi-flexible under layer (3,4) 

PERSUADE partner VTI constructed three PERS test tracks on the road E 363 about 15 km west of 

the town Linköping in central Sweden. The Annual Average Daily Traffic (AADT) is there about 4700 

vehicles with 6 % heavy vehicles. The speed on the location is about 70 km/h (also posted speed). One 

test track was constructed with on-site mixed PERS and two with prefabricated PERS slabs. 

PERSUADE partner Heidelberger Elastomertechnik GmbH (HET) in Germany, produced the slabs 

for the Sjögestad test track in the size of 1.0 m by 0.5 m. The thickness was decided to be 30 mm, as a 

compromise between cost and expected acoustic performance.  

The PERS material had the following composition by weight: 

• 53 % hard aggregate, made of basalt (čedič from Libochovany in Czech Republic). The hard 

aggregate was a mix of 10 % of fraction 0/4 and 90 % of fraction 2/4.  

• 38 % soft aggregate (rubber granules) with a size distribution of 1/3. 

• 9 % PUR (MDI-type) 

• 1 % polyol mixture (Z962.02)  

Earlier work, notably the work on PERS by PWRI in Japan, see (1), had indicated that the success 

of PERS relies on having a base course which is at the same time very rigid and to which the PERS can 

have a very strong bond. For that reason, a so-called “semi-flexible base layer” was used for one of the 

two "prefab" test tracks . This was the PERS test track that performed best. In this paper, we will only 

consider this one further and it will be indicated with "the Sjögestad PERS test track". 

The PERS on the Sjögestad PERS test track was only laid in two 1 m wide and 30 m long strips in 

the wheel tracks and were afterwards surrounded with porous asphalt for the sake of protecting the 

PERS against the influence of the numerous passages of snow ploughs. 

The Sjögestad PERS test track remained in a good condition during two winter seasons (2014 - 

2016), although during the first winter a snow plough with steel blades passed about 100 times over it 

and damaged the test track in spite of the precautions to protect it. In April 2016 it still looked quite 

nice. The Swedish National Road Administration however regrettably removed the Sjögestad PERS 

test track in the autumn of 2016 as the two other PERS test tracks on the location were failing and they 

wanted to repave the area in one time for budgetary reasons. During its lifetime, noise measurements 

were carried out showing a stunning noise reduction of 10 - 12 dB with respect to SMA 11. 

3. PERS AND THE LIFE NEREiDE PROJECT 

The LIFE NEREiDE project (2016-2020) (5) aims to demonstrate the use of new porous asphalt 

pavements and low noise surfaces composed of recycled asphalt pavements and crumb rubber from 

scrap tyres. Although the main body of the project deals with rubber asphalt, hence bituminous 

pavements, a work package of the project is dedicated to the demonstration of bitumen-free PERS. 

One of the main tasks in this PERS work package is the construction of a test track on a trafficked road 

in Belgium, for both research (durability test) and demonstration purposes.  

3.1 Test location for the NEREiDE PERS test track in Belgium 

A suitable location for a test track was selected with the collaboration of the City of Ghent: a local 

road, called Noorderlaan, along an artificial lake for water kayaking. Posted speed is 70 km/h and the 

AADT is about 5000. The road is straight and vehicles pass at a steady speed. The existing pavement 

is a dense asphalt concrete with a considerable age. It was decided to construct the test track on the 

lane on the side of the lake where the existing asphalt is in a better state than on the other lane, where 

the asphalt shows fatigue cracks and is locally repaired. 

3.2 Construction of the NEREiDE PERS test track in Belgium 

For the demonstration of PERS in Belgium, one used the same technology which had proven to be 

successful on the Sjögestad test section, except that in this case the PERS was applied over the fu ll 

width of one lane and hence not only in the wheel tracks. The dimensions of the new PERS test track 

in Ghent are 44 m x 4 m. For the PERS layer the same type of prefabricated slabs were ordered from 

Heidelberger Elastomer Technik (HET), i.e. with same dimensions (1 m x 0,5 m x 3 cm) and the same 

composition, although some technical improvements were allowed. 

One constructed the test track in the second half of September 2018 and the procedure is outlined in 

(6). In short, one can say that the whole road structure was rebuilt starting from the unbound crushed 

stone base. Two binder courses were applied and on top of that a semiflexible underlayer, consisting of 
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a porous asphalt whose voids were filled with a cement slurry, actually resulting in a very rigid layer. 

A very stiff under layer turned out to be necessary for the longevity of the PERS pavement. The 

semiflexible layer was cleaned with water under high pressure, brushed and dried before the actual 

construction of the PERS layer could start. The epoxy glue was spread with paint rollers, the slabs 

were placed and on the corners weights were applied in order to avoid curling up. After a proper drying 

of the glue, the weights were removed. The remaining gaps between the new PERS surface and the 

original pavement were repaved with dense asphalt concrete and the PERS test track was opened for 

traffic. Some pictures from the construction process are shown in Figure 1. 

 

  
 

  

Figure 1 – The construction of the test track: spreading of the epoxy glue (upper left hand side), the placing of 

the slabs (upper right hand side), weights on the corners of the slabs during the drying of the glue (lower left 

hand side) and the finished test track (lower right hand side) 

4. MONITORING OF THE TEST TRACK 

An extensive monitoring program has started as soon as the test track opened for traffic.  

4.1 Skid resistance 

The skid resistance was measured on the slabs before they were applied and this by means of the 

Skid Resistance Tester (SRT), see (7). The value was 60, which appears to be satisfying. The skid 

resistance will be tested as well with a high speed device, the BRRC odoliographe (8). 

4.2 Visual inspections 

Visual inspections are carried out on a monthly basis. From the beginning, some damage at the right 

hand side and most vulnerable edge of the test track was noted, due to maneuvering of cars leaving the 
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parking strip along the test track. Some slight raveling of the surface was observed as well from the 

first months (Figure 2). 

 

  

Figure 2 – The test track: on 8 October 2018, just after completion (left) and 4 months later, on 29 February 

2019 (right). Some slight “general” ravelling is noticeable. 

4.3 Assessment of the acoustic quality of the PERS 

4.3.1 Close ProXimity (CPX) measurements 

One week after the opening of the test track, noise measurements  were carried out with the CPX 

trailer of BRRC (Figure 3, left hand side), with the SRTT tyre (representative for the noise emission of 

car tyres) and the AVON AV4 tyre (representative for the noise emission of lorry tyres) (9). One 

measured at 30, 50 and 70 km/h and compared the noise levels (CPXP/CPXH indices) measured on the 

PERS test track with the ones measured on the adjacent dense asphalt concrete. The noise reducti on 

varies between 8 and 9 dB for the SRTT tyre and between 6.5 and 7 dB for the AVON tyre (Figure 3, 

right hand side).  

For some cars, seemingly with wider tyres and at higher speeds, some influence from the joints is 

audible, as some kind of parasitic noise. It is not completely clear why, as one did not observe this 

phenomenon on the Sjögestad test section. 

 

   

Figure 3 – CPX measurements on the test track on 8 October 2018 with CPX trailer: noise reductions of 

PERS with respect to the adjacent dense asphalt concrete as measured with the CPX trailer 

4.3.2 Statistical Pass By (SPB) measurements 

The noise reduction of the PERS slabs was determined six months after installation using the 

“Statistical Pass-By” (SPB) method (10) as well. In this study the reference speed v0 is 50 km/h and no 

heavy vehicles are taken into account as not enough single heavy vehicles pass at the tes t location. All 

SPB-measurements were performed by two master students from UAntwerp with the equipment from 

the Belgian Road Research Centre (BRRC). Sound pressure levels were obtained using a B&K 2260 

Investigator with a B&K 4189 Microphone, while the speed of the vehicle was determined using the 

Kustom Signals KR10SP. The complete setup, placed at a distance of 7.5 m from the center of test 
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track, is shown in Figure 4 (left). The results are summarized in Figure 4 (right) and compared to five 

different types of thin asphalt layers (TAL) and one reference (DAC 10) installed in Antwerp in 

October 2015 (11). The average speed of the passing vehicles was 51.2 ± 8.7 km/h, while the maximum 

SPL was 63.0 ± 2.9 dB. The noise reduction obtained with the PERS slabs is almost 8 dB while the 

TAL obtain on average 4.3 dB, with a maximum noise reduction of 5.2 dB. 

 

 

Figure 4 – (left) SPB measurement setup and (right) SPB results 

 

4.4 Texture measurements 

Macro- and megatexture measurements were carried out by means of the BRRC SELCOM laser 

profilometer (78 kHz band width, spot size 0,2 mm, vertical resolution 5 µm), see Figure 5(12). Mean 

Profile Depth values were calculated according to (13) and are shown in Figure 5. Generally, the MPD 

values have increased which reveals a light raveling. The average MPD value over the whole length 

was on 8 October 2018 0.72 mm ± 0.016 mm and on 29 January 0.80 mm ± 0.019 mm. 

  

Figure 5 – (left) BRRC laser profilometer attached to the bumper of the test vehicle and (right) Mean Profile 

Depth values, averaged per m, measured in the right wheel track 

4.5 Mechanical impedance measurements 

The mechanical impedance of the prefabricated PERS slabs has been tested both in the laboratory 

as in situ. The measurement procedure and theoretical background are thoroughly described in (14) 

and shown in Figure 6 (left). A PCB Piezotronics high sensitivity, ceramic shear ICP accelerometer 

type 352C33 (upper frequency limit 10 kHz), a PCB Piezotronics Modally Tuned® Impulse Hammer 

type 086D05 and a PCB Piezotronics ICP Impedance Head type 288D01 are used for these 

measurements, as shown in Figure 6 (right). Measurement results will be available at the conference 

presentation. 
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Figure 6 – (left) Procedure for the determination of the mechanical impedance (14) – (right) Actual setup 

5. CONCLUSIONS 

A new PERS test track with prefab slabs of 3 cm thick glued with epoxy on a semiflexible under 

layer has been built on Belgian soil according to the findings of the PERSUADE project. The test 

tracks looks well-constructed. Initial noise reduction is excellent, up to 8-9 dB as shown by both CPX 

and SPB results, but a parasitic noise allegedly caused by the joints is audible. During the first months 

a light raveling has been observed and measured. A follow-up monitoring plan comprising all relevant 

parameters is ongoing. 
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ABSTRACT 
This paper deals with the variation of air volume at the contact interface between a rolling tyre and a road 
cavity leading to aerodynamic phenomena such as air-pumping. A numerical model was developed (in 2D 
and 3D) based on Computational Fluid Dynamics, using the Fluent solver, coupled with a displacement 
function of the bottom of the cavity representing its volume variation. Results showed that the maximum 
pressure reached at the bottom of the cavity during its complete closure increased as its volume decreased. 
The pressure variation was related to the volume variation by a relationship close to Laplace law for perfect 
gases. In addition, pressure oscillations after the opening of the cavity increased in amplitude and frequency 
as its volume decreased. Moreover, in the case of the experimental setup of Hamet (1990), introducing the 
volume variation estimated by Laplace law in the 3D model has shown better agreement between the 
calculated pressure and the measured pressure in comparison with the model neglecting this volume variation. 
Future work would therefore be to obtain the actual volume variation caused by the penetration of the tyre 
tread inside the cavity. This could be done either experimentally or numerically using a tyre/road contact 
model. 
 
Keywords: Tyre/road noise, Air-pumping, Computational Fluid Dynamics 

1. INTRODUCTION 
Several generation mechanisms are responsible for tyre/road noise emission. Among these, 

air-pumping is an aerodynamic source that contributes to rolling noise in the medium and high 
frequency range. It is usually meant by this term a series of rapid air compression and release at the 
tyre/road interface and the possible associated resonances. 

Air-pumping phenomenon was often attributed to variation of air volumes due to the rubber 
deformation in the contact patch caused by road asperities indentation (1) or tyre grooves squeezing 
(2–4). Recent works based on Computational Fluid Dynamics (CFD) have shown that the effect of 
viscous boundary layer at the tyre and road surfaces also contributes to the generation of pressure 
fluctuations that are likely to produce noise emission (5,6).  

This paper deals with the rather simple geometrical case of a slick tyre rolling on a cylindrical 
cavity inserted in a smooth road surface. This case was experimentally addressed in Hamet (7,8) and 
showed a three-phase process: first a gradual air pressure increase in the cavity as the tyre approaches, 
then a constant overpressure stage during the full cavity closure by the tyre, and finally a pressure 
release with an Helmholtz resonance when the tyre leaves the cavity. This case was investigated by 
Conte (5,9) with CFD simulations without considering the tyre rubber penetration in the cavity. 
Although the mechanism at stake was qualitatively reproduced, there was a significant 
underestimation of the overpressure inside the cavity compared to experimental results. 

In this paper both viscous layer effect and volume variation due to the tyre rubber penetration in the 
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cavity during its closure are considered in CFD simulations. The volume variation is introduced in a 
simplified manner. Its influence is highlighted regarding the overpressure reached in the cavity. The 
resulting pressure waves travelling to the front and to the rear of the tyre are compared too. 

2. RESULTS OF CFD MODEL WITHOUT VOLUME VARIATION 

2.1 Context 
Solving fluid dynamics problem usually requires the calculation of various flow properties such as 

velocity, density, pressure, and temperature as functions of space and time. The equations that govern 
the motion of a fluid are the Navier-Stokes equations and its derivatives. These are nonlinear 
differential equations describing the movement of fluids. They are obtained by applying conservation 
laws such as the conservation of mass (also called the continuity equation), the conservation of 
momentum (Newton's second law), and the conservation of energy. These equations, when they are not 
simplified, do not have analytical solution and are therefore only solvable with numerical simulations 
based on Computational Fluid Dynamics (CFD). The ANSYS Fluent software is based on the finite 
volume method to solve the Navier-Stokes equations governing the fluid flow. The model chosen for 
the numerical simulation is the one developed during the work of (5,10) (2D model) and (9) (3D 
model) simulating the passage of a smooth tyre on a cylindrical cavity. In the case of this air-pumping 
study, the numerical resolution of the problem enables the calculation of the dynamic pressure of the 
air at the bottom of the cavity during rolling. The same geometry and mesh were used but some 
parameters were modified in the method for solving the problem in Fluent. 

2.2 CFD model 

2.2.1 Configuration 
A sketch of the general concept of modeling is represented Figure 1: a slick tyre with a diameter of 

631.4 mm rolls on a cylindrical cavity inserted in a smooth road surface with a diameter of 15 mm and 
a depth of 30 mm at a speed of 22.2 m/s (80 km/h). The chosen parameters enable to compare the 
results with the measurements reported in Hamet (7) for the same dimensions. 

 

 
Figure 1 – General concept of the CFD model of a rolling tyre on a cylindrical cavity 

Figure 2a shows the 2D geometry of the model and its mesh configuration. The fluid domain around 
the tyre is formed by a half-disc of 2.5 m radius divided into sub-domains according to their physical 
importance with respect to the flow: the most critical zones are the regions in front and behind the 
contact zone and the cavity. These areas are meshed finer than the others. The mesh becomes all the 
more coarse as one moves away from the contact zone. 

The 3D geometry of the model and its mesh configuration are represented in Figure 2b. We consider 
half the field of computation by introducing a condition of symmetry in the vertical plane cutting the 
tyre and the cavity in order to reduce the computational cost. The area around the tyre is thus 
constituted by a quarter sphere of 1 m radius. This sphere is then divided into several subdomains for 
the same mesh criterion as for the 2D case. The static deformation of the tyre was considered for both 
2D and 3D cases. The corresponding contact length is 92 mm in the rolling direction. 
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a) b) 

 

Figure 2 – a) 2D meshed geometry; b) 3D meshed geometry 

2.2.2 Method of resolution 
The reference frame is chosen at the center of the wheel and therefore the tyre is considered to 

rotate with an angular velocity 𝜔 of 71.7 rad/s while the cavity and the roadway are in translational 
motion with a velocity 𝑣 of 22.2 m/s. The sliding mesh technique at the cavity/road interface has been 
adopted. The airflow on the wheel is not considered in this case due to its low contribution to the 
overpressure generated in the cylindrical cavity and its negligible effect on the main mechanism 
studied (5). Thus, airflows are generated only by the surface displacement and the development of 
corresponding boundary layers due to air viscosity.  

The boundary limiting the artificially truncated domain leads to reflection of outgoing waves. 
Non-reflective boundary conditions are imposed at the disk (2D case) or the sphere (3D case) 
boundary to control spurious wave reflections.  

The considered flow is turbulent and controlled by the boundary layer phenomenon. A near-wall 
treatment is therefore necessary to solve the flow in the inner zone of the boundary layer. The 𝑘 − 𝜔 
SST turbulence model is used to solve the equations, this model being the most appropriate for this 
type of flow.  

Since the flow is unsteady and considered compressible for enabling the evaluation of pressure 
variations, furthermore a case of rotation, the resolution of the problem is based on the PISO scheme 
(implicit sequential method). The pressure-based solver is used to solve the problem in two steps. In a 
first step, the cavity is fixed and the solution of a stationary flow is computed. This latter is used in a 
second step as the initial condition to solve the unsteady problem with the cavity in translational 
motion. The cavity being at a distance of 0.2 m before the center of the contact zone, the simulation 
duration is 0.018 s in order to have the cavity at a symmetrical distance from the beginning of the 
simulation. The time step is ∆𝑡 = 2.5e-6 s for 2D simulations and 5e-6 s for 3D simulations (a coarser 
spatial resolution is used in 3D). 

2.2.3 Results and comparison to experimental results 
Figure 3a shows the air pressure calculated in 2D and 3D and Figure 3b shows the measured air 

pressure at the bottom of the cavity reported in Hamet (7). The average maximum pressure measured is 
approximately 1740 Pa while those calculated in 2D and 3D are respectively 828 Pa and 969 Pa. The 
pressure difference ∆𝑃 between measured and calculated values is then 912 Pa in 2D and 771 Pa in 3D. 
This difference can be explained in several ways. Firstly, the airflow around the tyre due to its 
displacement was estimated by Conte (11) and can produce an overpressure around 200 Pa which is 
here not taken into account in the simulation. Secondly, the dynamic deformation of the tyre tread and 
its penetration into the cavity are neglected. In the following, this paper focuses on the last 
phenomenon. Indeed, the penetration of the tread in the cavity causes a slight reduction in the volume 
of the cavity, which in turn increases the maximum pressure reached at the bottom of the cavity when 
it is completely closed. In the next section, the volume variation is introduced in the CFD model (2D 
and 3D simulations) to evaluate its influence on the variation of the overpressure at the bottom of the 
cavity. 
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a) b) 

Figure 3 – a) Calculated air pressure at the bottom of the cavity; b) Measured air pressure (7) 

3. CFD MODEL WITH VOLUME VARIATION 

3.1 Calculation of the volume variation 
The volume variation is introduced in a simplified way, which is referred as the piston method, by 

acting on the depth of the cavity (Figure 4). It is thus considered that the bottom of the cavity moves 
vertically upwards as the cavity closes to reach a maximum value of displacement considered constant 
during the course of the contact zone (plateau phase) and moves down symmetrically when it opens. 

 

 
Figure 4 – Sketch of the piston displacement method to describe volume variation 

In order to represent the displacement of the bottom of the cavity as a function of time, 
noted  𝑦 (𝑡) , a Tukey window function 𝑤(𝑡)  (tapered cosine window) is used, which 
satisfactorily fits the compression, plateau and expansion phases observed in the experimental results. 
𝑦 (𝑡) is obtained via the maximum displacement 𝑑  of the cavity bottom and the function 𝑤(𝑡) 
by the following equation: 

𝑦 (𝑡) = 𝑑  𝑤(𝑡)  (1) 

The mathematical formula of the Tukey function 𝑤(𝑡) is as follows: 

𝑤(𝑡) =

{1 + cos(2𝜋[𝑡 − 𝑟 2⁄ ] 𝑟⁄ )} 2⁄ , 0 ≤ 𝑡 < 𝑟 2⁄

1, 𝑟 2⁄ ≤ 𝑡 < 1 − 𝑟 2⁄
{1 + cos(2𝜋[𝑡 − 1 + 𝑟 2⁄ ] 𝑟⁄ )} 2⁄ , 1 − 𝑟 2⁄ ≤ 𝑡 < 1

 (2) 

where 𝑡 is the time vector at 𝑁 linearly spaced points. The parameter 𝑟 is the ratio between the 
length of the tapered cosine section and the total length of the window with 0 ≤ 𝑟 ≤ 1. 

The parametric study is performed in 2D, which is less time-consuming. The displacement of the 
piston is adapted to the numerical model regarding the time discretization, start time, duration of each 
phase, etc. as shown in Figure 5. In this case, 𝑟 = 0.279 and 𝑁 = 1927 points.  
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The percentage of volume decrease (100 ∆𝑉 𝑉⁄ ) of the cavity during the compression phase was 
varied according to the values [0; -0.2; -0.4; -0.6; -0.8; -1; -2; -3; -4; 5; -10; -15; -20; -25] (in %), which 
corresponds to a maximum displacement of the cavity bottom 𝑑  varying from 0 to 7.5 mm. 𝑉  is the 
initial reference volume of the cavity (∆𝑉 𝑉⁄ = 0 and cavity depth 𝐿 = 30 mm). 

 

 
Figure 5 – Displacement of the cavity bottom as a function of time 

3.2 Implementation of the volume variation into Fluent 
Fluent processes the Dynamic Mesh (DM) together with the sliding motion technique in order to 

handle the topological changes of the domain during the simulation. There are several methods of 
dynamic meshing, whose most used are smoothing (this method moves the border and the inner nodes 
to absorb the movement of the moving border) and layering (used to add or remove cell layers). In the 
present model, the smoothing method is used for volume variations up to 2 % and the layering method 
is used for higher volume variations. The dynamic mesh is attributed to the bottom of the cavity 
considered as the deforming zone. 

The displacement function 𝑦 (𝑡), calculated according to Eq. (1), is assigned to the cavity 
bottom using the UDF (User Defined Function) option in Fluent solver, based on C language. This 
function describes the movement of the bottom of the cavity by assigning, for each node 𝑗 of the 
cavity bottom and each time step, its vertical position 𝑦  according to the following equation: 

𝑦 (𝑡) = 𝑦 − 𝐿 + 𝑦  (𝑡)  (3) 

where 𝑦 < 0 is the vertical position of the road and 𝐿  is the reference depth of the cavity (𝐿 =
30 𝑚𝑚). The average air pressure 𝑝(𝑡) is calculated at the bottom of the cavity. For each percentage 
𝑖 of volume variation, 𝑝  is the maximum pressure reached during the contact phase. 

3.3 Results 

3.3.1 Influence of volume variation 
Figure 6 shows the results of the pressure variation as a function of the volume variation with 

regard to the compression and plateau phases and the expansion phase (pressure oscillations). The 
maximum pressure reached at the bottom of the cavity during the plateau phase is greater when the 
cavity volume variation is considered. The higher the volume decreases the higher the overpressure 
increases. Then, the penetration of the tread causing the volume decrease of the cavity has a significant 
impact on the overpressure at the bottom of the cavity during the passage of the tyre. The amplitude as 
well as the frequency of the oscillations of the plateau increase when the volume decreases. In fact, the 
cavity is acting like a closed tube during this phase leading to the cavity resonance phenomenon 
characterized by a frequency inversely proportional to the depth of the cavity. Similarly, the amplitude 
as well as the frequency of the pressure oscillations during the expansion phase increase when the 
volume decreases. 
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Figure 6 – Influence of the volume variation on the air pressure at the cavity bottom 

3.3.2 Relation between the pressure variation and the volume variation 
For each percentage of volume variation, the variation of the maximum pressure ∆𝑃 = 𝑝 − 𝑝  

is evaluated, with 𝑝  the reference maximum pressure without volume variation. Figure 7 shows 
∆𝑃  values as a function of volume variation (lower red curve, “Simulations”). 

 

 
Figure 7 – Variation of the overpressure ∆𝑃 with the variation of the cavity volume  

This result can be compared to the classical Laplace law in thermodynamics, which gives the 
relation between the pressure and the volume of a perfect gas undergoing an isentropic transformation: 

𝑃   𝑉 = 𝑃   𝑉  (4) 

where 𝑃   and 𝑃   are respectively the absolute pressures of the gas after and before the change of 
volume (𝑃   = 𝑝 ,  + 𝑝    , 𝑝    is the atmospheric pressure = 101 325 Pa and 𝑝 ,  is the 
relative pressure of the gas), 𝑉   and  𝑉    are respectively the volumes of the gas after and before 
the volume change, and 𝛾 =1.4 is the Laplace coefficient. By replacing 𝑉   by 𝑉   =  𝑉   (1 +
∆𝑉 𝑉⁄ ) in Eq. (4), the pressure variation ∆𝑃  calculated by Laplace law can be written: 

∆𝑃 = 𝑃 − 𝑃 = 𝑝 , − 𝑝 = 𝑃 (1 + ∆𝑉 𝑉 )⁄ − 1  (5) 

The theoretical overpressure ∆𝑃  is compared to the ∆𝑃  obtained by the 2D simulations in 
Figure 7 (upper blue curve, “Laplace Law”). The variation of the maximum pressure reached at the 
bottom of the cavity follows a law which is close to Laplace law (difference between 6.8 % and 8.9 %). 

3.3.3 Comparison with measurement 
For very small volume variations with respect to the volume of the cavity, Eq. (5) can be linearized 

as follows: 

∆𝑃 = 𝑃 [1 − 𝛾 ∆𝑉 𝑉⁄ − 1] ≅ −𝛾𝑃 ∆𝑉 𝑉⁄  (6) 

The latter equation can be used to calculate the cavity volume variation from the pressure 
difference found between the measurements and the CFD model with no volume variation. The volume 
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variation is then introduced in the CFD model using the piston method described in section (3.2) in 
order to compute the resulting air pressure at the bottom of the cavity. According to the section (2.2), 
for the 2D case, the pressure difference ∆𝑃 between the measurements and the calculation amounts to 
912 Pa. By applying Eq. (6), the volume variation ∆𝑉 𝑉⁄  to offset ∆𝑃 is estimated to be -0.64%. 

This corresponds to a maximum displacement of the cavity bottom equal to 0.192 mm. Figure 8a 
shows the result of the 2D simulation corresponding to this displacement. A maximum pressure of 
about 1670 Pa is obtained, which is close to the measured value (4% error compared to the 
measurements). 

The same correction is performed with the 3D geometry for which the dynamic mesh of the piston 
is modeled by the layering method, most suitable for the 3D mesh of the cylindrical cavity. From the 
section (2.2), the difference between the measurement and the calculation is 771 Pa. By applying 
Eq. (6), the corresponding volume variation ∆𝑉 𝑉⁄  is -0.54%. 
This corresponds to a maximum displacement of the cavity bottom equal to 0.162 mm. Figure 8b 
shows the result of the 3D simulation corresponding to this displacement. The maximum pressure is 
about 1605 Pa, which is also close to the measured value (7.7 % error). Furthermore, by comparing the 
pressure oscillations of the expansion phase with those reported by Hamet (7), a good agreement is 
found in terms of amplitudes and frequencies. Note that volume variation has a weak influence on the 
oscillations. 

  
a) b) 

Figure 8 – Results of the CFD model with volume variation a) 2D; b) 3D 

On the other hand, Figure 9a and Figure 9b show the 3D air pressures calculated respectively at the 
leading and the trailing edges (located at 20 cm on both sides of the contact zone), compared to the 
case without volume variation. There is a decrease in amplitude of the pressure wave generated at the 
leading edge (more pronounced at the minimum of pressure than at the maximum), with the decrease 
of volume. On the other hand, the amplitude of the oscillations at the trailing edge slightly increases 
(by 17% approximately) with the decrease of volume. 
 

  
a) b) 

Figure 9 – Pressure calculated in 3D: a) at the leading edge and b) at the trailing edge 
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4. CONCLUSIONS 
This paper highlights the influence of the volume variation of the cavity on the dynamic pressure of 

the air at the tyre/road interface during the rolling of a smooth tyre on a cylindrical cavity incorporated 
in the pavement. The variation of volume has been introduced in a simplified piston method by 
considering that the bottom of the cavity moves vertically upward as the cavity closes to reach a 
maximum value of displacement considered constant during the course of the contact. Then, the 
bottom of the cavity moves down symmetrically when it opens.  

A 2D calculation with the commercial code ANSYS Fluent allowed to make a parametric study and 
to deduce a relation between the variation of the maximum pressure reached at the bottom of the cavity 
and the variation of volume of the latter during the contact. The overpressure generated during the 
contact increases with the decrease of the volume of the cavity according to a relation close to 
Laplace's law indicating an isentropic transformation (reversible and adiabatic). These data were then 
used for the comparison between the simulations of a smooth tyre running on a cylindrical cavity and 
the experimental results of (7) using the same parameters. The calculations are close to the 
measurements when the volume variation of the cavity is introduced into the numerical model. For this 
particular case of a fully closed cavity, although the rubber penetration strongly influences the 
pressure in the cavity, it seems to have little effect on the noise generated. 

The volume variation has been estimated based on Laplace law and an approximate function. It 
would therefore be interesting to find the exact volume variation of the cavity instead of estimating it. 
This could be done by using two methods. The first one could be a numerical method using a 
tyre/pavement contact model for calculating the penetration of the tread into the cavity during the 
rolling and thus deducing the resulting volume variation. The second one could be an experimental 
method, which consists of measuring the penetration of the tyre tread by specific displacement 
sensors.   
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ABSTRACT 
In vehicle tyre/road contact modelling, dynamic models are typically used which incorporate the vehicle’s 
suspension in their estimation: thus relying on a known stiffness to determine the movement of the wheel in 
response to roughness excitation. For the case of a wheeled device rolling on a floor (such as a delivery 
trolley moving merchandise inside a commercial building), there is often no suspension, yet the wheel is still 
too soft to able to be considered mechanically rigid. An indoor rolling prediction model needs to provide a 
robust way of estimating the wheel’s effective stiffness. This work presents an original technique for 
estimating the stiffness of an indoor cylindrical trolley wheel. A parametric study was conducted in order to 
identify the dependence of the wheel stiffness on each of the relevant variables: including the wheel’s radius, 
axle size, width, applied load, and material properties. The methodology may be used to estimate the stiffness 
of new wheel types (i.e. different geometries and materials) without needing to solve a finite element model 
each time. 
 
Keywords: Wheel, Stiffness, Prediction 

1. INTRODUCTION 
In the world of acoustics, prediction models that estimate the sound produced in a rolling event are 

widespread. Mostly existing for automotive tyre/road (1–3) and train wheel/rail contact (4–6), these 
models calculate the interaction forces between the two bodies (the wheel and the surface upon which 
the wheel rolls), which are produced by the small-scale relative roughness in the contact area (7,8). 
These forces induce motion in the two bodies, and their resulting structural vibration is what radiates 
sound to the surrounding area. Recently, work has been done to develop a prediction model applicable 
to indoor rolling scenarios as well, such as that of a delivery trolley rolling on a floor inside a 
commercial space (9).  

For such a model, it is necessary to know the stiffness of the wheels of the trolley in order to 
accurately estimate their dynamic motion for calculating their radiated sound emission. For a vehicle 
with a built-in suspension system, the stiffness is straightforward to calculate: it is simply the stiffness 
of the suspension spring. However, most trolleys do not have suspension systems: they are purely 
made up of a wheel turning about a rigid axle. In such a scenario, the stiffness used is instead the 
stiffness of the wheel itself. Considering the vast range of sizes and materials that trolley wheels come 
in, this presents a challenge for incorporation into a sound prediction model that wishes to be widely 
applicable for a range of indoor rolling scenarios. 

One option may be to build a finite element (FE) model for a given wheel, but this is costly, as it 
requires a new FE model to be run for every single unique geometry/material composition . An 
alternative option would be to run a series of FE models in the form of a parametric study, extract 
trends in the data, and develop a system for estimating the stiffness of any geometry or material 
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composition, without the need to solve a new FE model each time. In this paper, a straightforward 
method is proposed to characterize the compressional stiffness of a cylindrical wheel in contact with 
a flat surface. This is inspired by the methodology used by Sim and Kim to estimate the elastic 
properties of viscoelastic materials (10). A two-dimensional surface plot is derived from high order 
FE models of a cylindrical wheel under static vertical compression, linking the wheel/axle radii ratio 
and contact area half-length. This forms an abacus which may be referenced to find a given wheel’s 
stiffness. Such an abacus may be incorporated into an indoor rolling noise prediction model: allowing 
for a more precise estimation of the movement of the wheel and leading to increased accuracy in 
sound predictions. 

2. PARAMETRIC STUDY 
In order to identify what kind of an influence each of the various wheel parameters had on its 

stiffness, a parametric study was conducted. A series of FE models were run for cylindrical wheels of 
various geometries and material compositions, from which trends were identified. For the parametric 
study, four geometric variables, shown in Figure 1, were chosen to be investigated: wheel radius 𝑟𝑊, 
axle radius 𝑟𝐴, wheel width 𝑤, and contact area half-length 𝑎. Additionally, Young’s modulus 𝐸 and 
Poisson’s ratio 𝜈 of the wheel material, as well as the input displacement 𝑧𝑖𝑛, were also included. 

 

Figure 1 – Description of the wheel geometry. 

2.1.  Meshing 
The mesh densities of the FE models were first defined based on the width of the wheel , having a 

maximum edge length of 𝑤/7. They were then re-meshed to add extra nodes in the area of contact for 
particularly small contact area half-lengths. This ensured the contact area had at least 4 nodes along 
its length. Depending on the geometry, mesh sizes ranged between 1.0 ∙ 104  and 5.3 ∙ 104  nodes, 
having degrees of freedom between 2.1 ∙ 106 and  1.1 ∙ 107. 

To solve the FE model, the flat contact surface on the bottom of the wheel was fixed in place. A 
uniform displacement in the downward vertical direction was imposed on the axle surface, simulating 
the mass of the trolley borne by the wheel under load. A glued condition between the axle and wheel 
was assumed for the purpose of FE calculations. The stiffness of each FE model was calculated by 
integrating the vertical normal stress and vertical displacement across all the nodes on the axle surface, 
then dividing the two. 

2.2. Comparison with an Equivalent Beam 
The stiffness of a beam in axial compression is given by  
 

𝐾beam =
𝐴𝐸
𝐿

 (1) 

where 𝐴  and 𝐿  are the cross-sectional area and height of the beam, respectively. If the wheel is 
represented as a beam with cross-section equal to the contact area and height equal to the distance 
between the contact area and the bottom of the axle, then Equation 1 may be rewritten as 

515



 

 

 𝐾beam =
2𝑎𝑤𝐸

√𝑟𝑊
2 − 𝑎2 − 𝑟𝐴

 (2) 

which may be used as comparison with the results of the parametric study to see how the two differ 
in application. 

2.3. Influence of Parameters 
Figure 2 shows the results of the FE simulations, which revealed patterns in how the wheel stiffness 

is influenced by each of the various parameters: some expected, some not.  Each plot shows the 
influence of a single parameter, displayed along the horizontal axis. Each plot also shows results for 
multiple values of Poisson’s ratio (0-0.495). The parameters having a linear influence on the wheel 
stiffness are Young’s modulus and the wheel width. For a given FE model, a change in either of these 
values results in a proportional change to the wheel stiffness.  Since Young’s modulus of a material is 
essentially a measure of that material’s intrinsic stiffness independent of shape, logic follows that it 
would be linearly proportional to the actual wheel stiffness. Similarly, increasing the width of the 
wheel essentially acts like adding springs in parallel, thus increasing the stiffness in a linear fashion. 
Both of these parameters act identically as they do in Equation 2 for the equivalent beam.  

 

Figure 2 – Results of the Parametric Study. From left to right, top to bottom: Young’s Modulus 𝐸, relative 

axle radius 𝑟𝐴/𝑟𝑊, wheel radius 𝑟𝑊, relative wheel width 𝑤/𝑟𝑊, relative contact area half-length 𝑎/𝑟𝑊, 

and input displacement 𝑧𝑖𝑛. Points having the same x coordinate (but a different y coordinate) are for 

varying values for Poisson’s ratio 𝜈. Schematics of the extreme wheel geometries on each plot are shown 

for reference (drawn to scale with respect to one another). 
The two parameters exhibiting unique relationships with the wheel stiffness are the axle radius and 

the contact area half-length. Neither may be described by a simple expression, and will thus become 
the topic of further investigation in section 3. For the axle radius: as the ratio between the axle radius 
and the wheel radius approaches unity, the stiffness approaches infinity. Since the axle is considered 
rigid in the FE models, as the volume of wheel material approaches zero, the compressed wheel gets 
closer and closer to exhibiting that of a rigid connection, thus having infinite stiffness. For the contact 
area half-length: as the size of the contact area approaches zero, the stiffness begins to drop off 
exponentially. Due to limitations with the meshing software, extremely small values for the contact 
area half-length (below 0.3% of the wheel radius) were not able to be reliably meshed.  

Finally, there are three parameters which have little or no influence on the wheel stiffness: the 
wheel radius, input displacement, and Poisson’s ratio. The first comes with a caveat, as the ratio 
between the axle radius and the wheel radius does indeed have a strong effect on the wheel stiffness. 
However, when this ratio is held constant, increasing the wheel radius does not result in any change 
in wheel stiffness. So perhaps it is better to say that the wheel radius does have an effect on the 
stiffness, but that this effect can be fully described by the changing axle/wheel radii ratio. In regards 
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to input displacement, the lack of dependence is in accordance with the use of a linear material in the 
FE models, where increasing compression does not result in increased stiffness.  

The lack of dependence on Poisson’s ratio was unexpected, as an elastic solid of uniform 
cylindrical or rectangular prism shape, compressed in the axial direction, is known to have a high 
dependency on Poisson’s ratio (10). Looking across all six plots in Figure 2, a change in Poison’s 
ratio resulted in essentially no change in stiffness (all else held constant). The points which exhibit 
the largest deviation are all for the highest values of Poisson’s ratio (above 0.49), and they do not 
occur in a consistent fashion (i.e. not always an increase and not always a decrease).  In essence, the 
stiffness is remaining nearly unchanged for all values of Poisson’s ratio all the way up until around 
0.49, where only then the modelling instability that exists when approaching 𝜈 = 0.5 starts to have a 
minor effect. When loaded in the vertical direction, it is the effect of the wheel shape which dominates. 
The cylindrical form allows the wheel material to “move out of the way” under compression into the 
horn-shaped free space between the wheel and the floor. The shape of the geometry itself is linking 
the movement of the two transverse directions to that of the longitudinal direction in a way that negates 
any influence that the Poisson effect may have. 

3. GENERATION OF THE ABACUS 
To generate the abacus, a second series of FE models were run for the two chosen nonlinearly 

dependent variables: the axle radius and the contact area half-length: both normalized by the wheel 
radius. Eighteen values between 0.05 and 0.98 were chosen for the axle/wheel radii ratio 𝑟𝐴/𝑟𝑊 . 
Eighteen values between 0.003 and 0.1 were chosen for the relative contact area half -length 𝑎/𝑟𝑊. 
Constant values of 𝑤/𝑟𝑊 = 0.4 , 𝐸 = 1  Pa, 𝜈 = 0.3 , and 𝑧𝑖𝑛 = 0.1  mm were chosen for the wheel 
width, Young’s modulus, and Poisson’s ratio, respectively. Though it should be noted that, due to their 
relationship with the wheel stiffness (linear for 𝑤  and 𝐸 , and independent for 𝜐  and 𝑧𝑖𝑛 ), their 
choice is arbitrary. 

3.1. Normalized wheel stiffness 
Figure 3 shows the results of the second series of FE calculations. Equation 3 is first used to find 

the normalized wheel stiffness by dividing by Young’s modulus and the wheel width 
 

𝐾norm =
𝐾

𝑤𝐸
 (3) 

The normalized stiffness is then plotted as a function of the axle/wheel radii ratio and relative 
contact area half-length. A two-dimensional linearly interpolated surface is overlaid to connect the 
data points. The data is plotted with a logarithmic z-scale (base 10) in order to visualize how the 
stiffness changes for both low and high values of 𝑟𝐴/𝑟𝑊. As the axle/wheel radii ratio grows, so does 
the influence of the size of the contact area on the stiffness.  For ratios 0-0.8, there is a 1.5x factor in 
the change in normalized stiffness. Above 0.8 the stiffness increases exponentially, up to a factor of 
nearly 16x. Figure 3 may be used as an abacus, allowing one to find the normalized wheel stiffness 
for a cylindrical wheel of any reasonable size (i.e. for 0.05 ≤ 𝑟𝐴/𝑟𝑊 ≤ 1 and 0.003 ≤ 𝑎/𝑟𝑊 ≤ 0.1). 
This encompasses nearly every type of cylindrical solid wheel which would be expected to be found 
on an indoor trolley. This procedure may be implemented into an indoor rolling noise prediction model 
to provide an accurate estimation of the wheel stiffness.  
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Figure 3 – Normalized wheel stiffness as a function of axle/wheel radii ratio and relative contact area half-

length (black points). A two-dimensional linearly-interpolated surface (shown in blue) has been overlaid to 

form the abacus. Plotted on a logarithmic z-scale (base 10). 

3.2. Example Estimation 
The process of using the abacus is relatively straightforward. As an example, let us take a wheel 

with the following properties: 𝐸 = 200 MPa, 𝜈 = 0.3, 𝑟𝑊 = 60 mm, 𝑟𝐴 = 5 mm, 𝑤 =  35 mm. For 
a cylindrical wheel, Hertzian contact theory states the size of the contact area to be 

 
𝑎 = √4𝑄𝑟𝑊

𝜋𝑤𝐸∗ (4) 

where Q is the applied load, and 𝐸∗ is the apparent Young’s Modulus between the wheel and floor 
 

𝐸∗ = (
1 − 𝜈𝑤ℎ𝑒𝑒𝑙

2

𝐸𝑤ℎ𝑒𝑒𝑙
+

1 − 𝜈𝑓𝑙𝑜𝑜𝑟
2

𝐸𝑓𝑙𝑜𝑜𝑟
)

−1

 (5) 

For the example, we will use a concrete floor (𝐸 = 3.3 GPa, 𝜈 = 0.2). If the wheel is put under a 
static load of 𝑄 = 200  N, Equations 3-4 estimate a contact area half-length of 𝑎 = 1.45  mm. 
Plugging these values into the abacus presented in section 3.1, we estimate a normalized wheel 
stiffness of 𝐾𝑛𝑜𝑟𝑚 = 0.087. Finally, using Equation 3, we obtain a wheel stiffness of 𝐾 = 607 kN/m. 

4. SCOPE OF THE METHOD’S APPLICABILITY 
In development of both the parametric study and the abacus, care was taken to run FE models for 

a wide range of parameter values. Thus, for the most part, any kind of trolley wheel which may be 
reasonably expected to be found in the real world can have this method applied. Due to their linear 
dependence, for the wheel width, radius, and Young’s modulus, any value may be used. Axle radii of 
5-98% of the wheel radius are valid, which for all intents and purposes is comprehensive, as a wheel 
outside this range would be of no practical use. For the contact area half-length, the method is assumed 
to be valid for any value below 10% of the wheel radius.  Again, the wheel softness and applied load 
would need to be so high to achieve a contact area half-length above this limit, that in reality it is of 
no concern. For values below 0.3% of the wheel radius, the wheel stiffness is assumed to continue to 
follow the linear profile extrapolated from between the values at 0.003𝑟𝑊 and 0.0036𝑟𝑊. This results 
in an overestimation of the stiffness for these extremely small contact area half-lengths. However, this 
is considered acceptable in order to allow the model to allow for loss of contact between the wheel 
and the floor: a possibility in the presence of wheel flats and/or floor joints.  In this type of situation, 
the size of the contact area tends to zero before disappearing at the moment of loss of contact.  

On a larger scale, the results show in this paper (particularly in regards to the discovery of the lack 
of influence of the Poisson effect) demonstrate that a similar modeling technique may be used to 
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characterize the properties of other shapes as well.  Characterizations have been performed for constant 
circular cross sections (10,11) (for which the Poisson effect plays a large role), and characterizations 
of materials with constant square cross sections yield results which are nearly identical to those of a 
constant circular cross section below Poisson’s ratios of about 0.47. However, analysis of other non-
constant cross sections, or even more complex shapes, could potentially provide beneficial insights in 
applications and industries beyond rolling contact modeling. 

In a future work, it will be shown how the abacus may be used to derive polynomial relationships 
between the stiffness, axle/wheel radii ratio, and relative contact area half -length. It is possible for 
either a single two-dimensional expression or a series of one-dimensional expressions to be developed 
to fully characterize the wheel stiffness. This eliminates the need for interpolation, leading to 
increased accuracy and applicability in the estimation technique. 

5. CONCLUSIONS 
This work presents an original technique for estimating the stiffness of a  cylindrical trolley wheel. 

A parametric study was conducted to identify the dependence of the wheel stiffness on each of the 
relevant variables. The stiffness is linearly dependent on the wheel width and Young’s modulus, and 
largely independent from Poisson’s ratio. A unique dependency exists for the axle/wheel radii ratio 
and contact area half-length. Using the information from these relationships, an abacus was created 
by generating a two-dimensional linearly interpolated surface for estimating the stiffness of virtually 
any cylindrical wheel. The abacus and can be implemented into a rolling noise model to provide an 
accurate estimation of the wheel stiffness. In a future work, it will be shown how the abacus may be 
replaced by one or two-dimensional polynomial relations to further improve the estimation process.  
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Abstract
Environmental noise is increasing year after year and, besides annoyance, it causes harmful health effects on
people according to last 2018 WHO report. The Environmental Noise Directive 2002/49/EC (END) is the
main instrument of the European Union to identify and combat noise pollution, followed by the CNOSSOS-EU
methodological framework. In order to apply the END legislation, the EU Member States have to publish noise
maps and action plans every five years. The use of Wireless Acoustic Sensor Networks (WASNs) changes the
paradigm that addresses the END regulatory requirements as they enable the dynamic ubiquitous measurement
of environmental noise pollution. Following the END, the DYNAMAP project develops a WASN-based low-
cost noise mapping system to monitor in real-time the impact of road infrastructures in two pilot areas: Milan and
Rome. To avoid biasing the noise maps with noise levels unrelated to traffic noise, an Anomalous Noise Event
Detector (ANED) is included to remove them from the corresponding LAeq. The paper reflects the adaptation
of the ANED algorithm to the WASN of the suburban area of Rome, which requires a specific analysis of the
particularities of the suburban audio database, as well as future challenges and research on the generalization of
the WASN.
Keywords: Noise monitoring, Anomalous Noise Event, Road Traffic Noise

1 INTRODUCTION
The World Health Organization (WHO) has recently stated that environmental noise is increasing year after
year [21]. Besides causing annoyance, it provokes harmful health effects on people, becoming one of the main
environmental health concerns [13, 14], having also a significant social and economic impacts [6]. This is
specially important in those cities with high population and consequently, with high density of traffic, since it
makes the traffic noise a dramatic problem that negatively affects the quality of life of their inhabitants [12].
At the European level, The Environmental Noise Directive 2002/49/EC (END) [9] is the main instrument defined
to identify and combat noise pollution, together with CNOSSOS-EU methodological framework [16]. In order
to apply the END legislation, the EU Member States have to publish noise maps and action plans every five
years in large agglomerations. The design and deployment of Wireless Acoustic Sensor Networks (WASNs) has
allowed to start changing the previous paradigm to address the END regulatory requirements from expert-based
noise map generation to the dynamic ubiquitous measurement of environmental noise pollution by means of
dynamic noise maps in smart cities [17].
Among the different WASNs that can be found in the literature -see [1] for a recent review about WASNs-,
the one envisioned by the LIFE DYNAMAP project has been designed to monitor in real-time the noise levels
generated by road infrastructures by means of low-cost acoustic sensors. To that effect, two WASNs have been
installed in two pilot areas [19]. The first has been deployed in the District 9 of Milan, as an urban environment,
and the second in the A90 highway as a suburban area. In order to avoid biasing the noise maps with noise
levels unrelated to Road Traffic Noise (RTN), an Anomalous Noise Event Detector (ANED) is included in the
monitoring to remove all Anomalous Noise Events (ANE) them from the corresponding A-weighted equivalent
noise level computation (LAeq) before updating the noise map [20].
The ANED algorithm belongs to the so called acoustic event detection and classification, which is typically
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based on the segmentation of the input acoustic data into slices to identify some predefined target class [11].
To do so, these algorithms are typically trained with ad-hoc designed databases, considering a finite set of
predefined acoustic classes [10, 18, 6]. As a first attempt to create an acoustic dataset to model the acoustic
environments of the urban and suburban pilot areas in the framework of the DYNAMAP project, an expert-
based recording campaign was conducted before the two WASNs were deployed [2]. This dataset allowed
us to evaluate the feasability of designing the ANED algorithm as a binary classifier (ANE vs. RTN), using
representative set of ANEs collected in real-environment, but not exactly in the final real-operation conditions
since it was created before the two WASNs had been deployed. This paper works with a wider dataset, recently
published in [5], that has taken into account the recording of all day and night to increase the number of types
and the total duration of ANEs collected and labelled. This paper reflects the adaptation of the ANED algorithm
to the performance real-time in the WASN in the suburban area of Rome. To this aim a specific analysis of the
particularities of the suburban audio database is conducted [5], evaluating the accuracy of the ANED after being
trained with the real-operation data collected in a weekday. Finally, the paper also discuses future challenges
and research on the generalization of the ANED in the framework of the entire WASN.
The remainder of this paper is the following. Section 2 describes the real-operation conditions environmental
audio database in the suburban scenario. Section 3 analyses the ANED training with the WASN-based dataset
and performance in terms of accuracy. Finally, Section 4 discusses in detail the results obtained in the analysis
and the future improvements to be conducted in the algorithm.

2 METHODOLOGY AND APPLICATION CONTEXT
This section briefly describes the main characteristics of the WASN-based dataset recorded in the suburban area
of Rome in real-operation during a weekday [5], which has been used for the training and the test of the ANED
algorithm.

2.1 The Rome Pilot in the DYNAMAP Project
In a first approach to collect representative anomalous noise events and traffic noise samples in a real environ-
ment, the DYNAMAP team conducted a recording campaign in several points of the A90 highway surrounding
Rome before the WASN was deployed. The total amount of recorded data was 4 h and 44 min, which in-
cluded 12.2% of ANEs [2]. This first dataset was labelled and subsequently used to train the ANED algorithm
designed as a two-class classifier (see [20] for further details). However, after the deployment of the sensor
network, the recording locations and conditions were severely different from the first recording campaign spots.
The WASN of the Rome pilot area is composed of 24 low-cost sensors, of which 19 are high-capacity nodes
and 5 are low-capacity nodes [3]. The sensor network installed can provide recordings all along the day and
from any of the node locations for a limited amount of data. Taking advantage of the features of the WASN,
a new dataset has been recorded taking advantage of all the nodes final locations, recording homogeneously
distributed time frames [5].

2.2 Analysis of the Real-Operation Recording Campaign
The recording campaign was performed using the 19-node WASN deployed along the A90 motorway surround-
ing Rome [7] during a weekday (the 2nd of November 2017) [5]. The recordings consisted of gathering 20
minutes of consecutive audio data at the beginning of each hour along the entire day. After the recording, the
manual labelling was done over only the odd hours (01:00, 03:00, 05:00, ..., 23:00) to reduce the burdensome
of an exhaustive process (e.g. considering the full set of recordings), which supposed a subsampling that still
maintained the observation of relevant day times based on the mean noise equivalent profiles [5]. Hence, la-
belling process was carried out to 76 hours of recordings and following an equivalent procedure as the one
explained in [2]. This includes also the computation of a contextual Signal-to-Noise Ratio (SNR) for each
anomalous noise event (in dB). The labelled audio corpus contains - in terms of total time recorded and la-
belled - a 98.3% of RTN and 0.7% of ANE while the remaining 1.0% was attributed to others (a dummy class

521



excluded from the analyses that represents those audio passages that were difficult to categorize in one specific
class due to the complexity of the audio scene). This numbers differ substantially from the ones obtained in the
preliminary dataset designed [2] (e.g. 3.2% of ANE). In this preliminary corpus, most of the recordings were
performed during the day, when more ANE occur.
Up to fourteen ANE subcategories were identified in [5] weekday dataset: airp: airplanes, alrm: sounds of cars
and houses alarm systems, bike: noise of bikes, bird: birdsong, brak: noise of brake or cars’ trimming belt,
busd: opening bus or tramway, door noise, or noise of pressurized air, door: noise of house or vehicle doors,
or other object blows, horn: horn vehicles noise, inte: interfering signal from ad industry or human machine,
musi: music in car or in the street, sire: sirens of ambulances, police, fire trucks, etc, stru: noise of portals
structure derived from its vibration, typically caused by the passing-by of very large trucks, tran: stop, start and
pass-by of trains, trck: noise when trucks or vehicles with heavy load passed over a bump.
Table 1 shows the ANE occurrences and their respective accumulated lengths (which is referred hereafter as
Total duration) aggregated in the recordings for each ANE subcategory. It can be appreciated that brak, trck and
horn are the most frequent type of ANEs, while brak, tran and trck are the ones with the largest accumulated
duration. Sounds from brakes are the ones that both occur more often and for a longer time, while sounds from
bikes, alarms, sounds of airplanes and music were the least frequently observed noise events.

Table 1. Number of ANE occurrences for each ANE subcategory.

ANE subcategory brak trck horn bird busd tran door
# occurrences 328 296 148 105 66 57 43

Total duration (s) 574.4 304.5 106.1 101.7 41.4 466.9 8.4
ANE subcategory stru sire inte bike alrm airp musi

# occurrences 39 36 4 2 2 1 1
Total duration (s) 34.2 191.4 51.9 4.3 12.9 5.5 3.6

Figure 1 shows the boxplots of ANE durations by ANE subcategory. inte, tran, alrm and sire are the ANEs
with larger durations while door, brid, stru, horn and busd present the shorter ones.
Figure 2 shows the ANE SNR boxplots in terms of each ANE subcategory. From the figure, sounds of trains,
sirens, horns, bikes, aiplanes and trucks are the main ANEs with higher SNR values. However, considering
both SNR and durations, ANEs with more relevance are trains, sirens and horns.

3 EXPERIMENTS AND RESULTS
In this section, we detail the experiments performed to assess the ANED trained with the weekday suburban
dataset [5], and we evaluate their results.

3.1 Details of the Training and Test Dataset
The ANED training and test was conducted with the weekday WASN-based dataset detailed in section 2.2.
Feature extraction consisted on obtaining the Mel-Frequency Cepstral Coefficients (MFCC) from short-term win-
dowed acoustic signals using a Hamming window of Ta = 30 ms length, with a time overlap of 50 %.
Only the 0.7% of the time labelled in the database corresponded to ANE compared to the 98.3% of RTN, which
denotes a high imbalance between the two acoustic classes. It is well known that this large class imbalance
can bias the classifier towards the majority class [15]. Furthermore, performing the two-class classifier training
using the complete set of parameterized audio frames can be unaffordable due to the extremely high demand of
computational resources to complete it. For these reasons, the data clustering and reduction procedure explained
in [4] was applied to the RTN class, obtaining a more balanced dataset to suit better the training of ANED.
For the data reduction process we define R as the percentage of feature vectors that will be selected from the
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Figure 1. Duration boxplots for each ANE category. A logarithmic axis is applied to duration for illustration
purposes.

Figure 2. SNR Boxplots for each ANE subcategory.
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original RTN feature subset. This process is based on the clustering of the RTN feature MFCC vectors using
Davies-Bouldin criterion to automatically select the optimal number of clusters [8]. Next, R% of the audio
frames weighted by their probability are selected for each cluster, according to their distance to the cluster
centroid. The process is objectively validated comparing the normalized histograms between the audio frames
and the cluster centroids before and after data reduction, which sould stay stable. In this work, the set of frames
of audio features of the ANE class represented 0.915% of the total amount of frames of the RTN feature vectors
- which is slightly higher due to the fact that the measure here is the window size with an overlap -, so the
same value of R = 0.915 was applied to the majority class to obtain a balanced audio dataset, and 2 clusters
were obtained from the Davies-Bouldin criterion.
Figure 3 shows the normalized histograms of the distances between audio frames and the two cluster centroids
for the RTN class of the audio database. We can observe that histograms of the reduced data (c and d) coincide
with those of the original data (a and b), which shows us that the data reduction maintains the distribution
appropriately.

Figure 3. Normalized histograms of the distances between audio frames and the cluster centroids for the RTN
class of the audio database. (a) and (b) correspond to the 2-cluster histograms for the original data while (c)
and (d) correspond to the reduced data.

3.2 Training of the ANED with Balanced Dataset
As described in the Section 1, the ANED algorithm was designed as a two-class classifier using GMM as
the core frame-based classifier, being the solution that obtains a proper balance between accuracy and real-
time performance [20]. Moreover, a high-level classifier based on simple but yet effective majority vote of the
low-level frame-based decisions was included to perform with higher stability at 1 s frame basis.
The assessment of the trained ANED with the audio database from the WASN real-operation has been conducted
using a 4-fold cross-validation strategy as in [20]. Within each fold, the corresponding audio features have been
randomized to provide the proper diversity for training and test data partitions. Moreover, the GMMs are
trained using 32 Gaussians for both acoustic models (ANE and RTN), being the value that offers a good trade-
off between performance and real-time behaviour [20]. Figure 4 shows the results obtained in terms of the F1
measures for each class (ANE and RTN), as well as the macro-averaged F1 value. These measures assess only
the low-level frame-based ANED decisions, while high-level decisions have not been included in this study. As
can be observed, the global performance attains a 78.01% , which constitutes an improvement of 17.38% in
comparison with the performance obtained after training and testing the ANED algorithm with the preliminary
recording campaign [20] .
Moreover, in Figure 4 we can observe that the ANE class obtains lower performance than the RTN class
(F1 = 75.08% for the ANE class while F1 = 79.46% for the RTN class), but their difference is a moderate
4.38%. This states that ANED performance is nearly balanced for the two acoustic classes; the higher value
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obtained for RTN can be attributed to a higher homogeneity in the type of sounds [5].

Figure 4. ANED performance assessment results using 4-fold cross-validation strategy. The standard deviations
obtained from the 4-fold cross-validation scheme are shown as vertical lines in the top of each bar.

4 CONCLUSIONS
In this work, we have described the adaptation of the two-class ANED to the real-operation conditions of
the suburban area of Rome in which a WASN has been deployed. The training has been performed using data
from the 19-sensor network gathered during one weekday, by means of the 76 hours of raw audio data manually
labelled in two categories (RTN and ANE). The distribution of the fourteen ANE subcategories found shows a
high diversity of duration and SNR, and only three of them (trains, sirens and horns) present higher values on
both characteristics. Before the adaptation, a clustering and data reduction process was applied to the majority
class (RTN) to balance the two main categories of the dataset. The adapted ANED obtains a good performance
results in terms of frame-level decisions, with an F1 macro-averaged value of 78.01% (17.38% higher than the
performance obtained with the preliminary dataset).
As future work we plan to consider also weekend data from the 19-sensor WASN to work towards the general-
ization of the algorithm, with the aim of improving its performance and accuracy. Additionally, high-level 1 s-
based decisions will be assessed considering other cross-validation schemes that combine maintaining original
timing of signal frames while reducing the computational complexity of the balancing plus training processes.
This way, a more reliable assessment could be obtained, closer to the real-life operation of the nodes of the
WASN.
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ABSTRACT 

Using traditional closed-loop control theory, this paper shows how the analysis of the sound emissions from 
the constantly changing environs of a large open-cut mine identified the source of a time lag in the 
implementation of appropriate control strategies. As a result, a new control strategy based on SMART 
technology has been developed to reduce the error signal time lag and help improve the control of noise 
emanating from the mine. Key elements of the new control system discussed in this paper include: the 
collation, analysis and reporting of the continuous real-time noise and meteorological monitoring data; 
confirmation of the source’s contribution in a multi-source environment; and identification of high-risk 
operational activities associated with the noise source.  The SMART technology presents this information 
in a format that: enhances the mining supervisor’s perception of the current environment; improves the 
comprehension of the data; reduces the uncertainty associated with identifying the mine’s contribution to the 
acoustic environment; and enables potential future actions and outcomes to be identified. This paper 
demonstrates that enhancing a user’s perception and awareness of the situation enables pre-emptive rather 
than reactive decision-making that results in reduced noise impacts and improved productivity. 
 
Keywords: Sound Emissions, Control, Industrial, SMART technology 

1. INTRODUCTION 
SMART 3  technology, described as the next industrial revolution, is widely used across many 

sectors with intuitive graphic user interfaces integrating commercial data with end-user experiences.  
To name but a few of the well-integrated applications, SMART technology allows for the review of 
weather, access to healthcare, online and in-store shopping, organising travel, route selection based 
on traffic conditions and the management of household energy use and generation.  As such, SMART 
technology applications are emerging in numerous sectors, from healthcare and education to 
manufacturing and industry (1,2,3).   

SMART technologies are based on the collection, collation and interpretation of data.  Sensors of 
one form or another gather data in real time for immediate use or store the data for further analysis.  
If appropriate algorithms or artificial intelligence have not been developed to automate the analysis 
and interpretation of the data, the collated data is delivered for user interpretation.  A social 
commentary in the UK Saga Magazine (4) reported that the long-term success of SMART products 
and services would depend on how well the technology satisfied the user’s desire for practical 
solutions that made tangible differences.  While SMART technology is highly developed for 
individual users, the application of the technology for the industrial sector is not as advanced.  

                                                        
1 tim.procter@griffithuni.edu.au 
2 slyons@umwelt.com.au 
3 Originally an acronym for computer hard drive “Self-Monitoring, Analysis and Reporting Technology”, 
SMART is a description for inanimate objects that can talk to the user to guide behaviour, is associated with 
network connectivity and often implies artificial intelligence. 
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However, this is not to say that there isn’t a wealth of data available for the collection, collation and 
interpretation in many industrial arenas.  

In particular, the mining industry in Australia has deployed a myriad of sensors to collect data for 
a diverse range of applications.  These sensors track changes in groundwater depth and production 
rates, and record data on highwall stability, weather conditions and mining machine diagnostics.  As 
technology advances, the collection of the data from the systems deployed is steadily being automated, 
enabling real time reporting from individual sensors and the collation and aggregation of the data to 
produce information that is easier to comprehend and promote understanding (5). 

Over the last 18 years the coal mining industry in New South Wales, Australia, has installed over 
60 continuous noise monitoring units to record and report on the acoustic environment in the region 
local to each monitoring unit.  The continuous noise monitoring units have been installed either 
individually or as part of continuous noise monitoring networks.  The continuous noise monitors 
report in several different proprietary formats using a range of different media and access protocols 
and can generate in excess of 330 Mbytes of data each per day.  However, the different brand units 
have one primary metric of interest in common: the intrusive LAeq,15minute sound pressure level 
from the source-of-interest.  

The original continuous noise monitors were designed and installed at a time when environmental 
noise standards and legislation were structured around principles of after-the-fact noise reporting 
rather than noise management (6).  Installation of continuous noise monitoring units by mining 
operations has facilitated the development and implementation of a range of pro-active noise 
management techniques.  The developments initiated by the mining operations are now reflected in 
development consents 4  that require the mining operations to implement comprehensive noise 
management systems to ensure compliance with noise immission limits specified in respective 
consents.  The prescriptive requirements of the development consents require the noise management 
systems to use a combination of predictive meteorological forecasting, real-time meteorological data 
and real-time noise monitoring data to guide the mining operations.  The mining operations also use 
predictive noise modelling to identify potential operational constraints and mine plan design 
alternatives. 

Operationally, the day-to-day management of an open-cut mine struggles to assimilate and respond, 
in real-time, to the data from the continuous noise monitors.  The management of the mine is the 
responsibility of the Mining Supervisor and is dictated by statutory rules and laws that govern the 
health and safety of the people working in and around the mine.  Part of the role of the Mining 
Supervisor is to manage the noise emitted from the mine in accordance with the requirements of the 
development consent.  To facilitate the management of the noise emitted by the mining operation, the 
noise management systems need to firstly, present the information in a format that enhances the user’s 
perception of the current environment; secondly, improve the user’s comprehension of the data in 
relation to the stated aim, objective or goal of their role; and finally, enable the user to identify 
potential future actions and outcomes (7,8,9).  

2. Motivation for the Development of a New Noise Management System 
Noise modelling indicated there would be a significant increase in the noise levels in a rural 

community in the Hunter Valley, New South Wales resulting from the approved re-orientation of the 
open-cut pit of a coal mine between 2015 to 2017.  It was predicted the sound pressure level5 
attributed to the mine in the region to the south-east of the re-orientated open-cut pit would gradually 
increase by 4 to 5 dB.  During the re-orientation, the change in the acoustic environment was 
measured by a continuous noise monitor located 2500m to the south-east of the site.  As predicted, 
the results from the noise monitor for winter evening/night periods in 2015 and 2016 showed an 
increase in immission level attributed to the mine of 3 dB.  Figure 1 shows the variation in the 
frequency distribution of measured LAeq,15minute sound pressure level attributed to the mine 
measured during the winter evening/night periods of 2015 to 2016. 

 

                                                        
4 A formal notice of approval issued by a regulatory authority for the implementation of a specific 
development proposal described in a development application.  A development consent typically includes 
a detailed list of conditions under which the development can be operated. 
5 Reported as the immission level at the monitoring location under weather conditions that enhance the 
propagation of the sound from the source to the receiver. 
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Figure 1 – Variation in the frequency distribution from 2015 to 2016 of the measured winter 

evening/night time noise immission level attributed to the mine.  The raw data has been filtered to 
minimise the effect of temporal and spatial differences between 2015 and 2016.  This enables the 

impact of changes in the mine plan between 2015 and 2016 to be observed. 
 
The shift in the frequency distribution from the 30 to 38 dB(A) range to greater than 38 dB(A) in 

Figure 1 can be linked to an increase in the number of machines operating in exposed locations within 
the mine.  Figure 1 also shows an increase in the frequency of noise immission levels less than 
30 dB(A) which is attributed to the number and duration of machine shutdowns as the mine’s primary 
form of noise control.  The increase in the average measured sound pressure level from winter 2015 
to winter 2016 attributable to the re-orientation of the open cut pit was 3 dB.  This increase was 
accompanied by an 85% increase in the noise immission levels above 40 dB(A) at that monitoring 
location and a 16% increase in the number of complaints.  Predictive noise modelling indicated there 
would be a further 2 dB increase in the noise immission level at the monitoring locations as the mine 
transitioned through the re-orientation of the open-cut pit.   

3. The Response 
A phone/tablet-based SMART application was developed as a tool to improve the Mining 

Supervisor’s access to relevant information.  To achieve this, the SMART application integrated 
research into the application of traditional control theory to the control of noise from open-cut mining 
and research into situation awareness and information visualisation.   

In traditional control theory, a closed-loop control system (or feedback control system) uses a 'set 
point' as a reference value, to characterise the desired output response of a process.  The measured 
difference between the set point and the output response of the process can be due to a change in the 
set point or due to a disturbance to the system.  A well-tuned control system is characterised by its 
stability, its ability to respond to external disturbances and its reliable and repeatable performance.  
Representing the noise management system used by the Mining Supervisors as a closed-loop control 
system enables the response and action of each element of the system to be studied. 

Endsley’s (10) theory of situation awareness comprises three levels: the perception of the 
environment, both element and event, with respect to time and space; the comprehension of the 
meaning of these elements and events as it relates to a specific goal; and the projection or anticipation 
of what is to occur.  Endsley (10) states that situation awareness is distinguished as a state of 
knowledge as opposed to the process that is used to achieve that state.  The research into data 
visualisation indicated that a user’s perception and awareness of a situation is enhanced when they 
are provided with appropriately visualised data and that increased situation awareness results in 
decision-making that can be pre-emptive rather than reactive.  Understanding the theory of situation 
awareness and concepts behind effective data visualisation enable the feedback element in the closed-
loop control system to be studied in detail. 

The goal of the SMART application was to develop a tool incorporating SMART technology and 
visualisation techniques that enhanced the Mining Supervisor’s situation awareness of the noise 
impacts and associated management requirements for the mine.  The investigations into the existing 
noise management system and the subsequent development of the SMART application to replace the 
existing feedback element in the closed-loop control system are described below. 
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4. Development of the Smart Technology Application  

4.1 Data Analysis and Noise Control 

The collection, collation and use of continuous noise monitoring data from remote noise 
monitoring units to control noise emitted by the mine is represented as a closed-loop feedback control 
system in Figure 2.   

 
Figure 2 – Block diagram of feedback control system with input, output and measurement 

disturbance used to represent the control of the noise emitted by an open-cut mining operation 
 
Representing the noise management system as a closed-loop feedback control system modified the 

approach taken to analysing the collated datasets.  The key to this is the definition of each element.  
Starting with the process 𝐺 (𝑡) the elements in Figure 2 can be described as follows: 
 the process 𝐺 (𝑡) is the emission of sound by the mining processes and would include a predefined 

set of conditions that govern the propagation of the sound to the sensor location.  This includes 
meteorological conditions, ground properties, terrain features (both natural and man-made), the 
source sound power and directivity associated with the operating/control strategy of the mine, and 
receiver geometry (11,12).   

 𝐷 (𝑡) is the disturbance that modifies the output signal from the process to produce the noise 
immission level 𝑌(𝑡).  𝐷 (𝑡) is associated with the spatial variability of the propagation of the 
sound and would be described as the aleatory uncertainty of the meteorological conditions and 
ground conditions. 

 𝑌(𝑡)  is the noise immission level or sound pressure level from the source-of-interest at the 
receiving location. 

 𝐷 (𝑡)  is the measurement disturbances that hinder the source sound signal identification.  
Masking effects from other sources is a typical example but 𝐷 (𝑡) may also include limitations 
associated with the configuration of the sensor array. 

 𝐻(𝑡) is the measurement device incorporating one or more continuous noise monitors and 𝑃𝑉 is 
the measurement device’s representation of 𝑌(𝑡) taking into account 𝐷 (𝑡).   

 the error 𝑒(𝑡) is the difference between the desired outcome (the set point) 𝑅(𝑡) and the measured 
outcome (or process variable) 𝑃𝑉, of the actual output 𝑌(𝑡). 

 the control device 𝐺 (𝑡), which can be described as predominantly human, implements a control 
strategy 𝑈(𝑡) based on magnitude and sign of the error 𝑒(𝑡). The primary objective of the noise 
management system represented by Figure 2 is to maintain the noise immission attributable to the 
mining operation 𝑌(𝑡) at a level that is equal to or less than the noise immission limit 𝑅(𝑡) at the 
location of the sensor array.  A secondary objective is to minimise the disruption to the mining 
operation through the implementation of unnecessary control strategies when 𝑌(𝑡) < 𝑅(𝑡).  The 
control strategy 𝑈(𝑡) can be represented by the following set of transfer functions: 

𝑈(𝑡) =
0  

𝐺 (𝑡)

    𝑌(𝑡) ≤ 𝑅(𝑡)

    𝑌(𝑡) > 𝑅(𝑡)
 (1) 

 𝐷 (𝑡) is the disturbance that modifies the response of the process to the signal/instruction from the 
control device  𝑈(𝑡) .  𝐷 (𝑡)  is associated with the deviation away from the predefined set of 
conditions associated with the process 𝐺 (𝑡).  This would include the temporal deviation of the 
meteorological conditions and changes in the operations that deviate from the agreed mining 
operating/control strategy. 
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In traditional control theory the overall objective is to minimise the tracking error: 

𝑒(𝑡) = 𝑅(𝑡) − 𝑌(𝑡) (2) 

Dorf and Bishop (13) show that by manipulating the block diagram in Figure 26 the tracking error 
can be re-written as: 

𝑒(𝑡) =
1

1 + 𝐺 (𝑡)𝐺 (𝑡)
𝑅(𝑡) −

𝐺 (𝑡)

1 + 𝐺 (𝑡)𝐺 (𝑡)
𝐷 (𝑡) +

𝐺 (𝑡)𝐺 (𝑡)

1 + 𝐺 (𝑡)𝐺 (𝑡)
𝐷 (𝑡) (3) 

The loop gain 𝐿(𝑡) of the control system is written as: 

𝐿(𝑡) = 𝐺 (𝑡)𝐺 (𝑡) (4) 

and the sensitivity 𝑆(𝑡) of the control system is written as: 

𝑆(𝑡) =
1

1 + 𝐿(𝑡)
 (5) 

Dorf and Bishop (2011) define a second complementary sensitivity function 𝐶(𝑡) as: 

𝐶(𝑡) =
𝐿(𝑡)

1 + 𝐿(𝑡)
 (6) 

The tracking error can now be written in terms of the system sensitivity, the input disturbance 
𝐷 (𝑡) and the measurement disturbance 𝐷 (𝑡): 

𝑒(𝑡) = 𝑆(𝑡)𝑅(𝑡) − 𝑆(𝑡)𝐺 (𝑡)𝐷 (𝑡) + 𝐶(𝑡)𝐷 (𝑡) (7) 

When analysing a control system to minimise the tracking error 𝑒(𝑡), both 𝑆(𝑡) and 𝐶(𝑡) need to 
be small but this cannot happen simultaneously as 𝑆(𝑡) + 𝐶(𝑡) = 1 .  However, traditional control 
theory tells us that to reduce the influence of the input disturbance 𝐷 (𝑡)  the loop gain 𝐿(𝑡) should 
be large.  The resulting function 𝑆(𝑡)𝐺 (𝑡), also written as 𝐺 (𝑡)/(1 + 𝐿(𝑡)), will be small if 𝐿(𝑡) 
is large thereby reducing the influence of 𝐷 (𝑡) .  For the loop gain 𝐿(𝑡)  to be large the control 
function 𝐺 (𝑡) also needs to be large which can equate to an over-reaction to the error 𝑒(𝑡).   

To reduce the influence of the measurement disturbance 𝐷 (𝑡)  the complementary sensitivity 
function 𝐶(𝑡) needs to be small.  To achieve this, the control function 𝐺 (𝑡) needs to be small so 
that the loop gain 𝐿(𝑡) is small which makes the system response sluggish.   

This results in a conflict between wanting the control function 𝐺 (𝑡) to be large to reduce the 
influence of the input disturbance 𝐷 (𝑡)  and small to reduce the influence of the measurement 
disturbance 𝐷 (𝑡).  The monitoring results in Figure 1 indicated both situations were present in the 
existing noise management system.  The existing system was sluggish and slow to respond to the 
error when 𝑌(𝑡) > 𝑅(𝑡) and when the system did respond the control function 𝐺 (𝑡) over-reacted. 

4.2 Data Collection and Collation  

The next step in the investigative process involved the manual collection, collation and analysis of 
daily monitoring data from primary continuous noise monitors (1500m and 2500m from the active 
mining area), one supplementary noise monitor (500m from the active mining area) and 
meteorological data from sensors on three 10-metre towers and from sensors on two supplementary 
3-metre towers.   

Through manual analysis, a complementary program of fieldwork to validate the monitoring data 
and predictive noise modelling it was possible to interpret the trends in the relationships between the 
two primary noise monitors to quantify 𝐺 (𝑡), the measurement device’s representation of 𝑌(𝑡) (𝑃𝑉) 
and the response of the control function 𝐺 (𝑡) .  The relationship between the two primary noise 
monitors needed to account for the dynamic nature of the mining operation, the complex acoustic 
environment at the monitoring locations and the temporal variance of the meteorological conditions; 
remembering a predefined set of meteorological conditions was considered as part of the process 
𝐺 (𝑡)  but the temporal deviation of the meteorological conditions away from the predefined 
conditions would be considered part of the output disturbance modifier 𝐷 (𝑡).  The analysis also 
needed to consider how the tracking error 𝑒(𝑡)  was being calculated and how it was being 
communicated to the control function 𝐺 (𝑡). 
                                                        
6 To simplify the analysis, the output disturbances 𝐷 (𝑡) associated with spatial differences in 
meteorological conditions that enhance or retard the propagation of the sound signal for a predefined set of 
meteorological conditions have been ignored. 
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4.3 Data Analysis 

Analysis of each element of the closed-loop feedback control system using the collated data 
discussed above identified several shortcomings in the existing control strategy.  This included the 
reliance on a single noise monitor to quantify, with certainty, the noise immission level 𝑌(𝑡) from the 
source-of-interest at the receiver location 2500m from the source, uncertainty in determination of 
atmospheric stability conditions and the relationship between level 𝑌(𝑡) and 𝑃𝑉 as a result of the 
function of the measurement device 𝐻(𝑡).   

The first two items have resulted in modifications to the monitoring equipment.  Ongoing research 
is investigating the use of paired monitors to determine the noise immission level 𝑌(𝑡) and additional 
temperature sensors have been added to the weather stations to improve the reporting of the output 
disturbance modifier 𝐷 (𝑡).  

The most significant shortcoming of the existing noise management system was identified as the 
operation of the measurement device 𝐻(𝑡) and the communication of the tracking error 𝑒(𝑡) to the 
control function 𝐺 (𝑡).  The analysis of the monitoring data found that a time lag in the 𝑃𝑉 was the 
primary source of the tracking error 𝑒(𝑡) when 𝑌(𝑡) > 𝑅(𝑡). 

Figure 3 shows a 210-minute sample of the sound pressure level 𝐿 , where 𝐿 , = 𝑌(𝑡), attributed 
to the mine at the noise monitor located 2500m from the active mining area.  The change in the sound 
pressure level 𝐿   in Figure 3 is attributed to an input disturbance 𝐷 (𝑡)  in the meteorological 
conditions that resulted in enhancement in the propagation of the sound emitted by the machines 
operating in the mine towards the noise monitor location.  The trace of the reported sound pressure 
level 𝐿  resembles a process reaction response curve with the control system off-line following a 
disturbance to the process input.  In this instance the control system is not off-line but its action, 
shown in Figure 3(a), is delayed because the control actions are only initiated following a system 
alarm, the actual form of 𝑃𝑉. 

 
Figure 3 – Analysis of sound pressure level 𝐿  response curve showing the dead-time 𝜏  of the 

process reaction, the system time constant 𝜏  and reaction rate R of 𝐿  following an input 
disturbance 𝐷 (𝑡) (a) before and (b) after the implementation of the SMART technology, 

 
Figure 3(a) shows that the PV sensor lag, which includes a system dead-time 𝜏  of 66 minutes 

has a detrimental impact on the control of the system resulting in the system being sluggish in response 
to input disturbances.  In Figure 3(b) the stem dead-time has been reduced to 36 minutes. 

4.4 SMART Technology Applications 

A WEB based prototype of the noise management system feed-back loop was developed to 
automate the collection, collation, analysis and reporting of the monitoring data at 5-minute intervals.  
The success of the proof-of-concept prototype resulted in the development of a SMART technology 
application that provided unrestricted access to the information by the Mining Supervisors.   

The primary objective of the SMART technology application was to reduce the error signal time 
lag and facilitate the control of noise emanating from the mine by the Mining Supervisors.  Through 
data aggregation and the tailoring of the data visualisation the SMART technology application has 
improved the Mining Supervisors’ comprehension of the monitoring data and their 

 (a) 
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understanding/perception of the operation’s impact on the acoustic environment.   
The effectiveness of the SMART technology application is shown in Figures 4 and 5.   

 

Figure 4 – 𝐿  and 𝑃𝑉 response curves using an updated 𝑃𝑉 sensor reporting system following 
implementation of the SMART technology sensor reporting system.  The control objective is: 

𝑌(𝑡) ≤ 𝑅(𝑡) where 𝑅(𝑡) = 40𝑑𝐵(𝐴).   

 
Figure 5 – Variation in the frequency distribution from 2016 to 2017 of the measured winter 

evening/night period noise immission level attributed to the mine.  The raw data has been filtered to 
minimise the effect of temporal and spatial differences between 2016 and 2017.   

 
Figure 4 shows that the reduction in the 𝑃𝑉 sensor lag has enabled Mining Supervisors to maintain 

control of the noise emissions from the mining operation.  In comparison to Figure 3(a), Figure 4 
shows a reduction in the overshot of the 𝐿   response curve for 𝑅(𝑡) = 40 𝑑𝐵(𝐴)  plus improved 
control of the 𝐿  response curve.  The improvement in the 𝐿  response curve can be attributed to 
the reduction in the 𝑃𝑉 sensor lag, an increase in the 𝑃𝑉 sensor updates from 15 minutes to 5 minutes 
and the improved accessibility to the data through the SMART technology.   

Figure 5 shows the variation in the frequency distribution of measured LAeq,15minute sound 
pressure level attributed to the mine during the winter evening/night periods of 2016 to 2017 following 
the implementation of the SMART technology application. In comparison to Figure 1, Figure 5 shows 
a decrease in the frequency of occurrence of noise emission levels over 40 dB(A) and a corresponding 
increase in the frequency of occurrence of noise emission levels in the 31 to 40 dB(A) range. This 
shift in the frequency distribution from above 40 dB(A) to below 40 dB(A) is consistent with the 
established goal for the control system, that 𝑌(𝑡) ≤ 𝑅(𝑡)  where 𝑅(𝑡) = 40 𝑑𝐵(𝐴) .  Using the 
SMART technology has also enabled the Mining Supervisors to target high-risk operational activities 
that contribute to the acoustic environment during noise enhancing meteorological conditions.  This 
is demonstrated in Figure 5 as a decrease in the frequency of noise levels less than 31 dB(A).  This 
is consistent with the second objective of the control system: to minimise the disruption to the mining 
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operation through the implementation of unnecessary control strategies when 𝑌(𝑡) < 𝑅(𝑡).  This has 
been achieved through the implementation of noise control strategies that were designed to reduce the 
sound output from machines in exposed locations without shutting the machines down. 

5. Conclusion 
Analysis of the noise management system as a closed-loop feedback control system identified 

several deficiencies in the existing control strategy.  The most significant shortcoming was a time lag 
in the control system resulting in a sluggish response to high noise immission levels at the receiver 
location. 

The analysis of the existing control strategy lead to the understanding that the installation of 
continuous noise monitoring networks must be coupled with systems that enhance the situation 
awareness of the Mining Supervisors.  Based on the theory of situation awareness, a SMART 
technology application was developed to enhance the Mining Supervisors’ perception and awareness 
of the noise immission levels at the receiver location.  The SMART technology enabled pre-emptive 
decision-making that resulted in reduced noise impacts and improved productivity.  The change in 
the average measured sound pressure level at the monitoring location from winter 2016 to winter 2017 
attributable to the SMART technology application equated to a gross decrease of 3 dB.  This was 
accompanied by a 40% decrease in the number of hours the noise immission levels were reported 
above 40 dB(A), a 25% decrease in the number of complaints and a 65% decrease in equipment 
shutdown resulting in increased productivity. 

The use of SMART technology to present meaningful data pertinent to the Mining Supervisors 
situation awareness has resulted in a measurable improvement in noise impacts. 
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ABSTRACT 
Ever increasing processing power enables the development of advanced equipment for environmental noise 
measurements, capable of complex processing of multichannel signals. Consequently a research has been 
undertaken to develop a handheld size beamforming system for two new measurement options: 1) immission 
directivity, 2) noise source classification, based on the immission directivity. In this paper a new physical 
property, called immission directivity, is defined in a way which enables traceability to SI units. Furthermore, 
the immission directivity and temporal direction of noise immission can be used as features for classification 
of noise sources arranged around the immission point. As such it can be used in real time for triggering of 
equivalent noise level integration. Statistical analysis shows, that it enables measuring of more random 
environmental noise sources and calculating their contribution to the overall noise level. Three case studies 
have been performed using proposed measuring options. Two new options revealed significant advantages 
over classical noise monitoring systems by improving the validity and the presentation capability of results. 
Implementation of these two options into noise monitoring equipment reduces human resources, resulting in 
reduced measurement costs, and provides more accurate results. Additional advantage of the new 
measurement options is their ability to provide information which is necessary for design of noise control 
measures. 
 
Keywords: environmental noise, urban noise, traffic noise, immission directivity, noise annoyance, noise 
Classification, Beamforming 

1. INTRODUCTION 
Typical, commercially available environmental noise monitoring systems continuously measure 

sound levels without assigning these measurements to different noise sources in the acoustical scenes, 
because they are incapable of identifying the main noise source, [1]. Environmental noise 
measurements are often conducted with the purpose to evaluate and to quantify the contribution of a 
single selected noise source to the overall noise level. However, also other noise sources exist and the 
captured noise level is usually a result of a combination of the target and interfering sound sources: 
wind, cars, dogs and birds being examples. Several measurements techniques can be implemented to 
determine the contribution of the selected noise source to overall noise pollution, among them:  
1.  Listening through all the samples offline in the lab, as being very common. This requires a huge 

amount of resources because of a large amount of data due to often necessary long-term 
measurements. Also, if only noise levels are recorded, validation by listening is not possible, [1, 2] 

2. Turning off the measured noise source and measure noise level difference between the residual and 
background noise and the overall noise level, [2]. 

3.  Positioning the measurement locations to the vicinity of the selected noise source to gain signal to 
noise ratio and then to extrapolate results from closer measurement locations to the immission 
location of interest, [2]. 

4.  Noise modeling, based on the noise source sound power data or on sound power measurements, of 
the propagation of noise from the selected source to the immission location of interest, [2]. 

However, some of the noise sources cannot be switched off, or they contain many uncorrelated noise 
sources. Example of such noise sources are large industrial premises, ports, train stations, refineries, 

                                                        
1 prezelj.jurij@gmail.com 

536



 

 

airports, building sites, etc. Additional problem which usually arises is the operational simultaneity of 
many noise sources within such a complex sites. Measurements are therefore often performed by 
specialy trained personal. Personnel usually waits for longer time to be able to identify and record the 
proper sample of noise event, which is then included into the integration of equivalent levels , [2]. 
Trained personnel identifies the proper sample of noise event by using two ears for detection of the 
noise event direction, by trained noise event recognition and classification, and by trained evaluation 
of the signal to noise ratio. Such procedure can be very time consuming, therefore its automation is 
necessary. In order to emulate measurement procedures performed by trained personal, the automatic 
classification of noise events should be used, [2].  

Adaptive algorithms and onset of AI is focused towards automatic noise event recognition. 
Automatic environmental noise events classifiers already exists, however they haven’t found its way 
into the commercially available noise monitoring systems yet, due to their complexity and poor 
reliability. P. Maijala et.al. presented a feasibility study on a new monitoring concept in which an 
acoustic pattern classification algorithm running in a wireless sensor is used to automatically assign 
the measured sound level to different noise sources, [1]. Work has been done in the field of feature 
extraction methods, by using convolution neural networks, [3,4], and deep neural networks, [5]. 
Wavelet, as atom of individual noise events, has also been proposed for classification [6]. Selection of 
features is important and algorithms have been developed for this purpose [7, 8]. Fuzzy logic has been 
tested on well know signal features, [9]. Classification based on image recognition of spectrograms 
has been extensively tested [10,11,12]. An Environmental Sound Source Classification System Based 
on Mel-Frequency Cepstral Coefficients and Gaussian Mixture Models has been reported, [13,14]. 
k-NN algorithm [15], Support vector machine, [16], as well as Hidden Markov Model, [17] were tested 
for classification based on different features has been proposed. Using a time domain technique (the 
Autocorrelation Function (ACF)), pitch can be estimated and used for a noise event feature, [18]. 

Despite all research on algorithms for automatic recognition of environmental noise events, they 
still have limited capabilities to classify noise events with sufficient reproducibility. Additionally, a lot 
of time is needed to build appropriate data base and to teach the algorithm to perform satisfactory 
classification. Our hypothesis is that environmental noise classifiers do not to perform adequately due 
to the fact that they are based on a single microphone signal, and can therefore not mimic the proper 
hearing of trained personnel, [2]. Therefore a new patented approach was introduced in the System for 
Automatic Noise Source Identification and Classification (SANSIC), incorporating the noise 
immission directivity as a feature for noise source classification, [2,19]. 

 

1.1 Theoretical background of noise immission directivity - spatial analysis 
 
Equivalent noise level LAeq is well known and defined in Eq.1. It can be described as running 

logarithmic average of measured noise level values. It is averaged value of measured noise sample of 
length 0. If sample size 0 is long enough, we can assume that LAeq describes an averaged level of all 
noise events within the same population of noise events. 

dt
T

L
T tLp

Aeq
0

10
)(

0 101log10)(                                   (1) 

Sound pressure is a scalar quantity. Overall sound pressure at selected Immission Point (IP) is 
therefore a summation of all sound waves propagating from all surrounding directions towards the IP, 
as depicted in Fig.1. All surrounding noise sources NSi( , ), contribute to the sound pressure level at 
the IP. This can be written using Eq.2, with a similar structure to the Eq.1, for the LAeq. 
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Lp( , ,t) in Eq.2 represent the contribution of the noise source NS( , ), from the spatial direction 
,  , at the given time t, to the overall noise level Lp(t). Lp( , ,t) can be imagined as allocation of 

sound sources and their contribution to the sound pressure at the measuring point in given time t. 
Therefore it can be understood as immission directivity at the given time t. Because noise sources are 
allocated around the immission point, the immission directivity is a three dimensional property with 
elevation angle  and direction angle . 
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Figure 1 - All noise sources NSi arranged around the immission point contribute to the overall noise 

level at the selected immission point (IP) 
 
For simplicity reasons we will consider it to be two dimensional and omit the elevation angle . 

Environmental noise sources are placed far from the measurement point, therefore the direction of 
propagating waves can be considered parallel to the ground, forming two-dimensional noise 
propagation in plan parallel plane. In majority of practically cases two dimensional directivity 
provides sufficient information about the dominant noise source location, [20,21]. A perfect immission 
directivity sensor would therefore provide sufficient information to calculate the contribution of noise 
sources from all different direction to the overall noise level.   

Overall equivalent level of noise event with length of 0 can be expressed with Eq.3, which is 
obtained by inserting Eq.2 into Eq.1 and omitting the elevation angle , to reduce the three 
dimensional problem into the planar one. Eq.3 shows that equivalent noise level for selected time 
interval 0 depends on the spatial distribution and on the temporal distribution of noise sources 
arranged around the immission point.  
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10
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0 101log10)( dtdL

tLp

Aeq                                (3) 

A common practice in acoustics is that difference between measured noise level and background 
noise level should be higher than 10 dB in order to be able to neglect the influence of background noise 
on the measured value. Same practice can be adopted in the evaluation of immission directivity pattern. 
If the contribution of the dominant noise source at the dominant angle DNS is for more than 10 dB 
higher than the contribution from all other noise sources, it can be assumed that the measured noise 
level at the immission point could be attributed only to the noise source at the direction DNS. A 
statistical analysis of noise levels, generated by noise sources around the immission point, should be 
considered due to the temporal and spatial randomness of environmental noise source. 

 

1.2 Theoretical background of noise immission directivity - temporal analysis 
 
Technical standards do not provide any practical criteria for the choice of the temporal distribution 

of the samples, i.e. the number and duration of the measurement time. For example, ISO 1996-Part 2 
states only: "to select the measurement time interval to cover all significant variations in sound 
emission and propagation. If the noise shows periodicity, the measurement time interval should cover 
an integer number of at least three periods. If continuous measurements over such a period cannot be 
made, measurement time intervals shall be chosen so that each one constitutes a part of the cycle, so 
that, together, they represent the complete cycle". Unfortunately, this condition is generally not 
applicable for environmental noise where the acoustic signal is random, [22]. Acoustic signal at the 
immission point is random due to random intervals of noise sources operation and due to random 
character of noise levels generated by noise source itself.  

Let us now consider a situation in a free field, with N noise sources, arranged around immission 
point, as shown in Fig.1. Noise levels LAeq,i from different noise sources are not correlated and we can 
write an equation for combined equivalent level at the immission point for a selected time interval 0: 
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Each noise source has its own probability distribution of noise levels, at the selected immission 
point. If individual noise source does not operate constantly we can attribute him the noise level of -  
dB during its non-operation. Percentage of its non-operation time can be subtracted from its 
probability distribution of noise levels. Surface area under the distribution probability of noise sources 
is no longer 1, because of non-operation probability, and we can write Eq.5.  

max,

0

)()(1
Lp

dPLpPP                                     (5) 

Examples for two sources (A and B) are given in Figure 2. Exemplar noise source "A" operates only 
occasionally, with most probable contribution of -  dBA. During operation its expected levels range 
from 70 to 75 dBA. Exemplar noise source "B" operates constantly with its expected noise level 
between 30 and 35 dBA.  

 

 
Figure 2 - Noise level distributions for noise sources around the immission point, with probability 

for non-operating Pi(- ) 
 
 Noise analysis and noise control are always focused towards the dominant noise source. But due to 

the random character of noise sources in the environment we can only calculate the probability of 
individual noise source to be dominant. This means that we can calculate the probability of 
classification. This probability describes to which noise source the measured noise level can be 
attributed during the selected time interval 0. If we want to classify the measured noise level toward 
the selected noise source j, then noise levels from all other sources should be lower for at least 10 dBA 
during the same time interval, as given in Eq.6. 
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From Eq.6 we can see that the probability of non-operation of the individual noise source Pi(- ) 
plays a significant role in the probability of classifying the measured noise level to the selected noise 
source. Higher the probability of the observed noise sources to be non-operational (higher Pi(- )), 
higher the probability that measured noise level can be attributed towards the residual noise source. 
Additionally, if noise level at the selected time interval 0 can be attributed towards individual noise 
source using directivity measurements, the probability of the selected noise source to be the dominant 
noise source significantly increases, especially if measured noise levels are within the probability 
interval of noise source with low noise level. If we break down the observation interval from 0=125 
msec to 1 msec or less and implement the statistics of noise directivity in the time scale of the sampling 
rate, probability of dominant source is automatically converted into the probability of noise immission 
directivity. 

Equivalent noise level can be calculated from extracted data in the same way as trained personal 
performs noise measurements. Trained personnel at the measurement location usually identify only 
shorter intervals of the noise signal, to be useful for further analysis and treat them like a sample. This 
identification is based on subtle capability of detection the difference between measured noise level 
and background noise level. Additionally, personnel detect the direction of noise events and apply a 
spatial filtering of noise signal before the integration of the equivalent level LAeq. Therefore we 
implemented an algorithm for detection of noise source direction, with the algorithm for evaluation of 

"A" "B" 
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signal to noise ratio into a procedure which mimics the work of trained personal for classification of 
noise events. Basically, we implemented the noise immission directivity as a signal feature to trigger 
the integration of the Equivalent level.  

 

2. EXPERIMENTAL SETUP  
 
Microphone antenna composed from four microphones Behringer ECM8000 was designed for 

measurements of immission directivity, Figure - 3. Design enables measurements in a normal "A" 
weighted frequency range using folded configuration (on the left). By unfolding the microphones, the 
frequency range is extended down to 50 Hz, for special low frequency noise directivity analysis. Four 
channel soundcard Behringer U-Phoria UMC404HD was used for real time signal streaming to 
LabView programing platform via USB connectionn. An algorithm for detection of sound incidence 
direction was developed. During its development the special focus was on its speed and ability to run 
in real time on an average notebook using Intel Core i3 processor. Beamforming algorithm has been 
optimized to work in real time achieving time resolution of 2.03 msec. Its performance is presented in 
figure 4. Presented time signal is a recording of interruption in the operation of an audio source 
reproducing pink noise in the room with a reverberation time of 0.8 seconds. Red dots present direction 
of noise immission on the microphone antenna. A noticeable directivity can be clearly seen (towards 
noise source around 260O) at the start of the signal. When the source is switched off, the directivity 
disappears and reflections from all directions occur. Such results clearly demonstrate that the detection 
of noise immission directivity is fast enough. 

 

    

 
Figure 3 - Foldable microphone antenna, used 

during measurements of the environmental noise 
immission directivity. 

Figure 4 - Immission directivity during 
reverberation, in a room with T60=0,8 sec. 

 
 

3. ENVIRONMENTAL NOISE MONITORING USING IMMISSION DIRECTIVITY 
 
A transformation from the theoretical background to the practical application revealed a possibility 

to simplify the automation of environmental noise measurements, by assuming that there is enough 
information in microphone array signals, to extract sufficient data for classification of noise sources 
based on their direction. The first practical measurements have been performed at port of Koper with 
the purpose to evaluated contribution of individual noise sources (ported ship, traffic noise and 
activities from the port) to the overall noise level measured at the immission point. Figure 5A depicts 
the result of the immission directivity, integrated over the 10 minute long interval. In figure 5B an 
acoustic picture is presented, obtained from 2 sec long interval, during which the noise from the ported 
ship was dominant. Acoustic camera is heavy, expensive, complicated to operate, and still not suitable 
for noise monitoring. Dynamic range of the acoustic camera is only few decibels, while the dyn amic 
range of the proposed system is over 30 dB. Proposed system is estimated to cost 1/10 of the acoustic 
camera, and yet it can provide information on noise contribution from ported ship, noise from port and 
traffic noise as depicted in Figure 5A from a single 10 minutes long measurement. 
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Figure 5 - Noise immission directivity integrated over 10 minutes (A) and acoustic picture 

integrated over 5 seconds long interval (B). Background is obtained from 
http://gis.arso.gov.si/atlasokolja/profile.aspx?id=Atlas_Okolja_AXL@Arso  

 

 
Figure 6 - Graphic user interface and temporal directivity as a noise feature for its classification . 

Upper part depicts 660 seconds long interval and picture below depicts a 23 seconds long selected 
interval with only one noise source. Background is obtained from 

http://gis.arso.gov.si/atlasokolja/profile.aspx?id=Atlas_Okolja_AXL@Arso 
 
Second measurement was performed in order to validate the procedure on a well-defined acoustic 

situation. A 100 kW ventilation system, as dominant noise source, is positioned near a road with a 
traffic density of 3600 vehicles per day. Graphic User Interface for calculation of resul ts is presented 
in Figure 6. On the upper part of the figure a 660 seconds long interval is presented with SPL levels and 
corresponding temporal directions of dominant noise sources. On the right part of the graphic user 
interface the integrated immission directivity is presented. Integrated immission directivity clearly 
shows, with dynamic range over 30 dBA, that all noise immission can be contributed to the traffic and 
to the ventilation system. Based on the temporal direction of detected noise source direction an 
automatic classification can be performed. Conditions for integration of equivalent level can be 
defined for several angels matching the directions of the observed noise sources. By integrating the 
equivalent level only during the operation of the individual noise source, we can obtain the 
contribution of such noise source to the overall noise level. Bottom part of the figure 6 depicts acoustic 
conditions during the 23 seconds long interval. During this interval no traffic was present and 

A B 
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immission directivity clearly points towards the noise source and indicates for 4,7 dBA lower noise 
level as in the case when traffic and the source are working together. In such a way we can calculate 
noise level of traffic, even though the background ventilation noise was present all the time. 

The third set of the noise immission directivity measurements was performed as a 24 hour 
monitoring. Proposed system was placed in a settlement with complex of houses, with distinct noise 
source; highway with approximately 20.000 vehicles per day. Residual noise was generated by 
residents, children, traffic within the settlement and pets (barking dogs). Noise levels, produced by 
traffic, are approximately the same in comparison to the residual noise level. Direction of the n oise 
immission was recorded together with measured noise level, in order to evaluate the contribution of 
individual noise source to the total noise level. Results are presented in Figure 7. Results clearly 
indicate that during evening hours in summer, activity of inhabitants dominates in the total noise level. 
Strong directivity is consequence of canyoning effect of noise propagation.  During morning rush hours, 
the traffic noise dominates in the total level. From measured immission directivity LAeq( ) we can 
calculate the exact contribution of noise source NSi around the immission point using a simple Eq.7: 

dL
NSi

NSi

Lp

NSiAeq

2,

1,

10
)(

, 10log10  (7)
 

 

 
Figure 7 - Results of long term monitoring of immission directivity in a populated area . 

Background is obtained from: 
 http://gis.arso.gov.si/atlasokolja/profile.aspx?id=Atlas_Okolja_AXL@Arso  

4. CONCLUSIONS 
 
When observing noise sources from long distances in comparison to their size and height, we can 

consider the noise propagation to be a two dimensional problem, by neglecting the influence of 
meteorological condition. Temperature, pressure and humidity gradients have very limited effect on 
the two dimensional plan parallel noise immission directivity. Wind on the other hand can influence 
the observed immission directivity. The main advantage of considering noise propagation to be two 
dimensional in plan parallel plane is the possibility of implementing one-dimensional beamforming. 
One dimensional beamforming has low computational demands, it can run in real time , and it can 
provide the immission directivity pattern.  

In this paper a new physical property, called immission directivity, is defined in a way which 
enables its traceability to SI units. Furthermore, the immission directivity and temporal direction of 
the noise immission can be used as a feature for classification of noise sources arranged around the 
immission point. As such it can be used for triggering of equivalent noise level integration enabling 
simultaneous measuring of the contribution of more environmental noise sources to the overall noise 
level. Implementation of the approach was performed on three case studies. In all three cases the 
approach proved to add significant advantage and validity to measured noise levels in the 
environmental noise. 

Even with the most basic equipment very good results have been obtained. Further design of more 
sophisticated equipment for frequency dependent noise immission directivity will provide new 
approaches in monitoring of environmental noise. 
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Abstract
Times of Arrival (TOAs) of propagated signals are of utmost interest in seismic, underwater as well as aerial
acoustics. From TOAs, one may reconstruct the propagation media properties from known sources and sensors
positions, or conversely, find sound events locations in a known environment. Modeling the TOAs in realistic
environments (wind or current, sound speed gradients, obstacles. . . ) requires a general physical model, able
to factor in the impact of refractive and diffractive processes. We present an interface-tracking model based
on Sethian’s Fast-Marching method for computing TOAs. This method is applicable to complex, 3D meshed
environments. Examples will be given in the open atmosphere, in the ocean, as well as in an urban environment.
Keywords: Fast-Marching, propagation, simulation, time of arrival, time matching

1 INTRODUCTION
Propagation through complex media alters the acoustic signature of a signal. The amplitude of the signal may
be increased or strongly dampened, the frequency content may change. Working with and interpreting complete
time series therefore represents a challenge. However altered the measured acoustic signature of an impulse
sound might be, Times of Arrival (TOAs) may most of the time still be extracted. Despite their apparent sim-
plicity, TOAs carry a lot of useful information about the propagation medium. They are widely used for source
localization [1, 2] or acoustic tomography applications through comparison between measurements and model
predictions. The more physically accurate the propagation models, the more information about the medium may
be taken advantage of.
Many modelling approaches have been investigated throughout the years in the different acoustic communities.
The evolution of the available computational resources has paved the way for high resolution, 3D acoustic
models in the time or frequency domains. The cost of these simulations remains however prohibitive as soon
as numerous simulations are required.
Lighter and faster methods have thus been developed. Ray tracing methods (high frequency approximation)
with various degrees of physical realism and mathematical complexity have been proposed, but multipaths and
shadow zones remain a critical issue. Gaussian beams approaches have overcome some of these limitations
while bringing up new questions.
Starting from the end of the 80’s, methods predicting TOAs in a whole domain have emerged in the seismic
community. These methods are based on Huyghens principle and draw upon graph theory algorithms (Dijkstra
algorithm) to compute the TOAs in a grid very effectively in a single-pass fashion. The TOAs thus predicted
are the first TOAs, and the first TOAs only. TOAs coming from e.g. reflections are not computed. A further
improvement is brought about in the 90’s with the mathematical viscosity solution theory, which provides a
suitable theoretical framework for obtaining the first TOAs in arbitrarily complex environments, at a small
computational cost. The resulting methods have been called Fast-Marching or Ordered Upwind methods.
This paper presents a framework to predict first times of arrival throughout meshed domain: Cartesian grids,
curvilinear meshes and general unstructured meshes. We name it the IFM, for Institute Saint-Louis Fast-
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Marching Model. In the next section, the IFM model is introduced briefly. Examples of propagation through a
complex atmosphere, the ocean and an urban environment are presented in section 3. Section 4 concludes.

2 ACOUSTIC MODEL
Instead of computing the full 3D pressure field at every point of the meshed domain, the IFM tracks a simple
wavefront. Let c and w be the medium sound speed and 3D wind (or current), respectively. Let T be the first
TOA throughout the domain. The TOAs in the domain may be obtained by solving Eq. (1):

||∇T ||×
(

c+w · ∇T

||∇T ||

)
= 1. (1)

The isosurfaces of T may be seen as the acoustic wavefronts at given propagation times.
In this study, we use a solver of Eq. (1) based on the model of Sethian and Vladimirsky [3], extended to
3D and Cartesian and curvilinear meshes. This choice is motivated by the generality of their formulation. It
addresses general anisotropic problems, where the wavefront propagation depends not only on the position of
the front, but also on the direction of propagation [3, 4], e.g. wind, for application in atmospheric acoustics,
or currents in underwater acoustics. This approach readily applies to seismic acoustics [5, 6] or underwater
acoustics [7].
The IFM propagates these wavefronts from an initial “known” subdomain, e.g. a single point for an acoustic
point source. Let us define the interface between the “known” and the “unknown” subdomains as the set
of points at the boundary of the “known” domain. The IFM then finds the point with the smallest TOA in
the interface which is transferred to the “known” domain, compute its neighbors’ TOAs and add them to the
interface. The TOAs are computed from the “known” points, by means of Eq. (1). The algorithm stops when
all points are “known”.
Numerically speaking, the equation has to be approximated on a discrete arbitrary mesh. Let v be the discrete
approximation of ∇T . One has: v ' P∇T . The matrix P is calculated from the “known” neighbors positions
(it is therefore position-dependent) and will be explicited in the different cases of Sec. 3.
Equation (1) may therefore be rewritten, following Sethian and Vladimirsky [3], as (with the notation AT = trans-
pose of A):

vT (PPT )−1v×
(

c+w · P−1v
||P−1v||

)2

= 1. (2)

In theory, refining the mesh makes the solution converge to the viscosity solution. It is however not always
practical for large computation domains, and may be balanced by use of higher order upwind stencils for v.
The gradient v coefficients depend on the TOA value of the neighbors and of the coefficients of the chosen
finite difference scheme [3, 5, 8].
In isotropic cases (no wind, w = 0), this equation reduces to a standard quadratic equation and may be solved
analytically. In anisotropic cases (w 6= 0), an iterative solver is required. Anisotropy is accounted for by a
retroaction loop [9] and the implementation of Yatziv et al. [10] is retained for its linear scaling of the compu-
tation time and the number of points.
The IFM has been validated against Finite-Difference Time Domain simulations (FDTD) of an impulse signal
in a domain with obstacles and strong sound speed contrasts. The IFM wavefront and the FDTD simulations
coincide everywhere, including behind obstacles where only diffracted waves propagate [2].

3 APPLICATIONS
The acoustic model may further be adapted to different kind of meshes depending of the scenario. This section
presents applications to propagation
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Figure 1. (a-c) Examples of measured atmospheric profiles somewhere in North Germany, in February. (d)
Propagation of acoustic wavefronts in the atmosphere defined by the (a-c) data (blue wavefront) and the (a-c)
data with reversed wind (yellow wavefront). The simulation domain is 20 km×10 km×4 km in the y, z and x
direction, respectively.

• in a complex atmosphere,

• in the ocean,

• in an urban environment.

3.1 Atmosphere
The model of the previous section is run here on a 40 million points 20 km×10 km×4 km Cartesian domain.
The computation takes a few minutes on a single CPU. Second order upwind finite difference are used [5]. The
neighbors of any given points are one grid step away in each dimension, the matrix P is diagonal.
The atmosphere through which the wavefronts propagate is shown on Figure 1. The curvature of the wavefronts
may be linked to the changes in the wind and temperature profiles. It is thus possible to account for the
anisotropic effect of the wind on sound propagation. As mentioned in the previous section, an analytical solution
is possible in the absence of wind, which drastically improves the speed of the calculation (from about 130,000
points/s to more than 1 million points/s).
The wavefronts propagate in an atmosphere with an upward refracting atmosphere due to the sound speed profile
and the wind profiles up to 6 km. This creates a so-called shadow zone. As opposed to ray tracing techniques,
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Figure 2. (a) Sound speed c in the ocean, close to the US Eastern coast. The vertical dimension has been
stretched by a factor 50. (b) Snapshots of the acoustic wavefront from an impulse source close to (40N,−68W )
after 70, 200 and 330 seconds of propagation.

the IFM is able to predict TOAs in these regions. However, only the wavefront is computed. Information
regarding the amplitude is not accounted for by the model. It is therefore possible that the model would predict
TOAs that might not actually be measured, depending on the frequency content of a given signal, or on how
deep into the shadow zone the receiver is. A prior physical analysis is required to define the region in which
the model results are meaningful for comparison to experimental data.

3.2 Ocean
The method is now applied to first TOA determination in the ocean. The sound speed data from Figure 2a
are the output of a realistic ROMS simulation for a 1000 km×800 km region, close to the US East coast.
The simulation domain has 2000×1600 points and 50 terrain-following veritcal levels. It is forced by realistic
surface forcings and boundary ocean data from a coarser resolution model. More details may be found in Gula
et al. [11]. The high sound speed at the surface is due to the warm Gulf Stream current off New England. The
data are given on a 160 million points terrain-following curvilinear mesh, and also include the 3D velocity field
(not shown).
The IFM is extended to curvilinear meshes for propagation on terrain-following meshes. The formalism is
exactly the same as in the previous sections. Only the matrix P changes, and must now be expressed in term of
the Jacobian matrix of the curvilinear transform [12]. The computation time on a single CPU, is of around 90
minutes (30,000 points/s), due to the heavier computations involved (Jacobian matrices to inverse) and to our
specific implementation, which prioritizes low memory usage over efficiency. The code runs on a 16GB laptop.
An example of point source propagation is illustrated on Figure 2b. The “creasing” on the wavefronts is caused
by the heterogeneity of the sound speed distribution. Even if the oceanic velocities are much smaller than the
sound speed (< 1m/s nearly everywhere vs. 1500 m/s), the propagation anisotropy may be observed as in the
atmospheric case. It may therefore possible to use the IFM for acoustic tomography of the ocean.

3.3 Urban environments
The method is now applied to an urban propagation scenario. The considered domain is of size 170 m×170 m
×20 m (Figure 3). To take into account the variety and the complexity of the shape of the building, extension
of the IFM to unstructured meshes is carried out, extending ref. [3] to 3D. The matrix P rows now contain the
vectors connecting the current point to its neighbors.
As the algorithm requires only the list of the neighbors for each mesh point, the mesh may feature any kind
of 3D element (tetrahedron, pyramid, hexahedron...). High order gradient computations are however much more
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Figure 3. Snapshots of acoustic propagation of a point source in a realistic urban environment. Domain size is
170 m×170 m×20 m. The brown lines are the ground-level values of the TOAs wavefronts.

difficult to implement. They are furthermore not always necessary, since the mesh may be refined, e.g. close to
the sound source and along building edges to enhance the computation accuracy.
The lines on the ground illustrate the effects of the environment on the TOAs. Corrections of the order of up
to several hundred ms may be expected compared to direct propagation in straight line, which may be seen as
sensor positioning uncertainties of several meters.

4 CONCLUSIONS
The IFM interface-tracking framework presented in this article is a very general framework for predicting TOAs
in arbitrarily complex environments. It may be applied on various types of mesh, from regular Cartesian to
curvilinear grids, to unstructured meshes. High order schemes for TOA computation may be used when preci-
sion is of the essence. Application to ocean or atmospheric acoustics are considered. The IFM may therefore
be used for a general set of applications that require first TOAs in realistic 3D media with non-flat ground or
bottom and arbitrary medium properties, such as source localization or acoustic tomography.
The IFM is further not limited to point sources. Elongated sources (such as the Mach waves generated by
supersonic projectiles or aircrafts) may also be treated in an identical way [2].
It should however be kept in mind that the signal amplitude is not accounted for by the model. At large
distances or deep in shadow zones, the framework may numerically predict TOAs that cannot be measured
experimentally, because of too low a signal amplitude or too high a noise level. The physical validity limits
have to be defined for each specific application.
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ABSTRACT 
Natural means to reduce surface transport noise during propagation between source and receiver outdoors 
include tree belts, crops, earth berms and ‘soft’ ground effects. They can be exploited through landscaping 
and design. Although there are few full-scale demonstrations of what can be achieved, the noise reducing 
capabilities of the proposed arrangements have been tested in the laboratory and/or numerically evaluated. 
Well-designed, natural arrangements offer ways of abating surface transport noise, either to complement 
conventional noise barriers or provide useful alternatives in cases where noise barriers are neither practical 
nor desirable. While meteorological effects, such as downward refraction and turbulence, reduce the 
efficiency of usual methods of outdoor noise mitigation, judicious arrangements of vegetation and 
landscaping can counteract these effects as well as provide non-auditory benefits. 
 
Keywords: Outdoor Sound, Ground effect, Attenuation 

1. INTRODUCTION 
A comparative study of noise levels in eight UK and six EU cities  (1) has shown that overall noise 

levels depend on the proportions and distributions of green areas and porous ground. Sound levels 
tend to be higher in UK cities with higher building densities fewer green areas within 30 km2 of the 
city centre. The balance and dispersion between green space surfaces and built -up surfaces turns out 
to be a more meaningful indicator than green space coverage alone.  Noise levels will tend to be lower 
if more areas involve naturally porous ground since this will mean, in turn, that housing developments 
and road networks have lower densities and there will be larger distances between noise sources and 
dwellings. The usual decrease of noise levels with distance can be augmented by extra reductions 
from 'soft' ground effects, tree belts, crops, bushes and hedges. While acknowledging that there is 
growing evidence that ‘greening’ the environment has a positive influence on noise perception (2), 
this paper reviews measured and predicted noise reductions from certain types of ‘greening’, the 
physical mechanisms that contribute to these reductions, and ways in which they might be exploited. 

2. GROUND EFFECTS 

2.1 Porous ground  
When the sound source is located above a ground surface, sound waves reflected from the ground combine 

with those travelling directly from the source. If the sound waves arriving along the two paths are in phase 
which is true at some frequencies whatever the surface, there are increased levels. When they are out of phase, 
at other frequencies, the total sound is less. These interactions are known as ground effect. Complicating 
factors such as multiple sources including engine and exhaust in the case of road traffic, atmospheric 
turbulence and naturally uneven and non-uniform ground mean that the increases in level due to acoustically-
hard ground corresponds more nearly to energy doubling. If the ground is porous then not only is the 
magnitude of sound reduced on reflection but the phase change due to the finite (complex) ground impedance 
combines with the phase change due to path length difference with the consequence that, for a given source-
receiver geometry, the first destructive interference occurs at a lower frequency than over hard ground. The 
resulting reduction in sound levels, sometimes called ‘ground absorption’, is important for surface transport 
noise. It depends on the type of ground surface and the locations of the sources and receivers. 

According to the common methodological framework for strategic noise mapping under the 
Environmental Noise Directive (2002/49/EC) (3), "the acoustic absorption properties of ground are mainly 
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linked to its porosity". While porosity is a factor, the acoustical properties of porous ground are affected most 
by the ease with which air can move in and out of the ground surface. This is indicated by the flow resistivity 
which represents the ratio of the applied pressure gradient to the induced steady volume flow rate of air 
through the surface of the ground. The porosity of naturally-occurring ground surfaces does not vary as much 
as their flow resistivity. If the ground surface has a high flow resistivity, it means that it is difficult for air to 
flow through the surface. This can result from very low or negligible surface porosity. Hot-rolled asphalt and 
non-porous concrete have near zero porosity and a very high flow resistivity whereas many forest floors and 
freshly-fallen snow have very much lower flow resistivity and a high porosity  

The Calculation of Road Traffic Noise (CRTN) scheme (4), used for assessing eligibility for sound 
insulation of dwellings near new or improved roads in the UK, includes an allowance for the extra reduction 
in levels " If the ground surface between the edge of the nearside carriageway of the road or road segment 
and the reception point is totally or partially of an absorbent nature, (e.g. grassland, cultivated fields or 
plantations)". The extra reduction depends on the mean height of the sound travelling from the road source 
to the locations of interest and distance travelled over soft ground. It is noted that " To avoid the difficulty of 
defining adequately the many other more absorbent types of ground cover, the correction shown ... is to be 
used for all predominantly absorbent surfaces. Thus the calculations will slightly underestimate attenuation 
effects, particularly where the intervening ground is intensively cultivated or planted." A similar correction 
and the same qualifying statement appear in Calculation of Railway Noise (CRN) (5).  

For a mean path height of 1.5 m, CRTN and CRN predict ‘soft ground’ reductions of 4 dB and 1 dB 
respectively at 50 m from the nearest side of a road or railway. The lower reduction for railway noise is 
consistent with the fact that wheel/rail sources are at a height of 0.4 m on the tops of tracks above sleepers 
and ballast and so are higher than tyre/road sources (assumed to be 0.01 m high). 

HARMONOISE and NORD2000 prediction schemes (6, 7) identify eight categories of ground for the 
purposes of predicting the extra sound attenuation associated with porous ground effect. Three of them refer 
to various types of grass-covered ground. The categories are used to specify an effective flow resistivity that, 
in turn, can be used to predict the corresponding ground effect using an impedance model. More accurate 
allowance can be made for a specific soft ground if its surface impedance is known. Deduction of ground 
impedance from complex pressure ratios gives impedance-model-independent information but it might not 
always be convenient to make such measurements. To date relatively few deductions of ground impedance 
from complex pressure ratio measurements have been reported. It is more common to deduce parameter 
values for impedance models by fitting short range level difference spectra using ‘template’ methods (8, 9). 
Subsequently these models and parameter values can be employed in prediction schemes.  

A one parameter semi-empirical model, used widely for outdoor sound prediction, is unphysical (10). For 
example, at low frequencies it predicts negative real parts of surface impedance and complex density. 
Comparisons of predictions with data obtained using signals from a point source at vertically separated 
microphones, have shown that, for many grasslands, physically admissible two parameter models lead to 
better agreement (11).  

Although prediction schemes allow for ground effect, they are concerned with accounting for the 
existing environment rather than ways of exploiting ground effects for noise control. CRN includes 
an additional reduction of 1.5 dB as a result of the porous (sound absorbing) nature of ballast. For the 
same reason the use of porous rather than non-porous slab track is to be preferred when constructing 
high speed rail links. Porous road surfaces and road surfaces with embedded resonators are to be 
preferred to non-porous hot-rolled asphalt (12).  

Measurements of the acoustical properties of ground surfaces together with numerical calculations 
of noise levels due to a 2-lane urban road (5% heavy vehicles, 95 % light vehicles, travelling at 50 
km/h), suggest a ‘soft’ ground reduction of 5 dB at a 1.5 m high receiver located 50 m from the road 
over compacted grassland. But for less compacted grassland (meadow) and the same receiver location, 
8 dB reduction is predicted; significantly greater than the 4 dB predicted by CRTN for any grassland.  

Predictions of urban road traffic noise spectra at 1.5 m high receiver 50 m from the road with 
intervening hard ground or either of two types of soft ground are compared in Fig. 1. The ‘softer’ 
ground is predicted to give 10 dB lower levels at peak traffic noise frequencies than the hard ground. 
Some predicted 'ground cover' reductions increase with distance faster than predicted by CRTN (13). 

The introduction of grassy areas between and alongside tramways has been found to give 
perceptible noise reduction (12). Specifically, the introduction of grass between and alongside the 
tracks reduced tram noise levels at a 1.5 m high receiver 4 m from the nearest track by between 1 and 
10 dB(A) with an average reduction of 3 dB(A). Moreover, a survey of subjective reactions suggested 
that the associated reduction in annoyance is equivalent to a further 1 - 2 dB reduction (see Fig.2). 
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Figure 1 Calculated traffic noise spectra (5% heavy vehicles, 95 % light vehicles, travelling at 50 

km/h) at a 1.5 m high receiver 50 m from the nearside lane with intervening hard ground or two 
types of grassland (13). 

 

 
Figure 2 Measured tram noise levels in Grenoble without (black dots) and with grassy areas 

(green dots) plotted against perceived annoyance. The reduction in annoyance is equivalent to a 1-2 
dB greater reduction than the actual 2 – 3 dBA reduction in levels. 

2.2 Rough ground  
If ground is otherwise acoustically hard, roughness, even at scales smaller than the shortest incident 

wavelength, affects outdoor sound propagation. The presence of small-scale roughness makes a 
surface that is acoustically hard at normal incidence appear acoustically soft near grazing incidence. 
Part of the incident sound energy is reflected in the specular direction and the remainder is scattered 
diffusely. The distribution of scattered sound depends on roughness topology, roughness dimensions 
compared to the incident wavelength, and the relative locations of source and receiver. If a sufficiently 
large fraction of the reflected sound retains a phase relationship with the incident sound so there is 
significant coherent scattering and specular reflection, there can be a significant roughness induced 
change in ground effect near grazing incidence. One method of deliberately introducing roughness 
outdoors is to construct an array of low parallel walls. Low walls with heights of 0.3 m or less (0.3 m 
is approximately the wavelength of sound in air at 1 kHz), can be considered as a form of artificially 
arranged ground roughness. The potential usefulness of regularly spaced low parallel walls for road 
traffic noise reduction was suggested and demonstrated in 1982 (14). An array of sixteen 0.21 m high 
parallel brick walls with edge-to-edge spacings of about 20 cm placed on compacted grassland was 
found to give a broadband (between 100 Hz and 12,500 Hz) insertion loss (IL) of slightly more than 
4 dB(A) including insertion losses of up to 20 dB(A) in the 1/3 octave bands between 400 and 1000 
Hz. The creation and subsequent attenuation of surface waves was considered as the main mechanism 
for noise reduction. Although surface wave creation is one of the consequences of placing a low 
parallel wall array on an acoustically hard ground, the array has a significant influence on ground 

Hard surface 
Compacted grass 
Meadow  
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effect over a wider range of frequencies than those affected by the surface wave. This is demonstrated 
by the results of drive-by tests conducted with the brick configurations shown in Figure 3.  Figure 4 
shows spectra measured at a 1.5 m high receiver 10 m from the nearside wheels of car 1 and car 2 
without and with the low parallel wall or lattice configurations respectively. The overall broadband 
insertion loss of about 3 dB due to a 2.30 m wide, 0.2 m high, 16 m long nine parallel wall array was 
found to be more or less the same as that of the 1.1 m wide square cell lattice wall configuration of 
the same height even though the latter occupies significantly less land area. 

   
Figure 3 Parallel low wall and lattice brick arrangements used in drive-by tests 

 
Figure 4 1/3 octave band SPL spectra measured by a 1.5 m high receiver 10 m from the nearside wheels of 
cars at their closest point of approach without and with the 2.30 m wide array of nine parallel brick walls 

using car 1 and a 1.1 m wide brick lattice using car 2 (15). 

In contrast to the insertion loss due to 'soft' ground, the insertion losses predicted for the lattice 
and parallel wall configurations are not much affected if the receiver he ight is increased from 1.5 m 
to 4 m. This is a consequence of the predicted insertion loss 'beam' shown in Figure 5 which is a 
contour plot of overall insertion loss for a frequency range 178 Hz to 4.44 kHz due to a 0.2 m high 6 
m wide lattice with 0.065 m thick walls and centre-to-centre spacing of 0.26 m with the nearside 2.5 
m from a 0.05 m high line source emitting a spectrum corresponding to 70 km/h light vehicular traffic.  

 
Figure 5 A plot of overall BEM predicted insertion loss contours from a 0.05 m high line source emitting a 

spectrum corresponding to light vehicles travelling at 70 km/h due to a 0.2 m high 6 m wide lattice. 
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A 'beam' of higher insertion loss ( 6 dB) compared with hard smooth ground extends from 0.2 m 
near the source to about 5 m height at 100 m. The slightly lower insertion loss ( 5 dB) predicted near 
the ground is a consequence of the roughness-induced surface wave. 

3. NOISE REDUCTION BY CROPS, HEDGES AND TREE BELTS 

3.1 Influence of vegetation on ground impedance 
Growing plants create root zones and, thereby, change the near-surface flow resistivity and porosity. 

In the presence of plants, the ground surface has a different surface impedance to that for the same 
ground with little or no vegetation. The best fit impedance model parameters obtained from short 
range vertical level difference measurements over ground containing winter wheat crops (16) are an 
effective flow resistivity of 170 kPa s m-2 and a porosity of 0.2 using a two-parameter slit pore model 
(11). These values can be compared with those obtained over nearby bare ground, i.e. the same type 
of soil but on which no crops were growing or had been grown. In comparison, the best fit flow 
resistivity and porosity values over the bare unplanted ground are 2000 kPa s m-2 and 0.2 respectively 
which suggests that growing winter wheat reduced the effective flow resistivity of a soil surface by at 
least a factor of 10. 

3.2 Visco-thermal losses in foliage 
Foliage and stems in vegetation scatter sound and sound energy is converted into heat by viscous 

and thermal processes at leaf surfaces. In hedges and bushes there will be scattering by trunks and 
branches also. As a result of measuring sound transmission loss through dense corn, hemlock, red pine 
trees, hardwood brush and densely planted reeds in water, Aylor (17) suggested a relationship between 
normalised excess attenuation, i.e. the attenuation in excess of that due to ground effect divided by 
the square root of the product of foliage area per unit volume, F, and path length, L, and the scattering 
parameter (the product of wave-number, k, and a characteristic leaf dimension, a). Figure 6 compares 
Aylor’s data for normalized excess attenuation through corn and reeds with predictions of eqn (1).  

 (1) 

  
 
 
 
 
 
 
 
 
 
 

 

Figure 6 Aylor's data for the normalized sound attenuation through corn (boxes F = 3/m; diamonds F = 
6.3/m) with mean leaf width 0.074 m and reeds (open circles) with mean leaf width 0.032 m compared with 

predictions of equation (1) [solid line]. 

3.3 Propagation through crops 
Measurements of sound transmission through winter wheat crops (average stem diameter 2.63 mm) 

have been compared with predictions including ground effect based on short range fitting of level 
difference spectra, multiple scattering by stems with known distribution of diameters, l oss of 
coherence due to scattering and foliage attenuation by known leaf size and area density (16). Figures 
7 compares spectra of the difference in levels at 0.3 m high receivers 1 m and at (a) 2.5 m (b) 7.5 m 
and (c) 10 m from a 0.3 m high loudspeaker source (continuous lines), and calculations of (i) ground 
effect alone (broken lines), using the 2-parameter slit pore model (flow resistivity 100 kPa s m-2 and 
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porosity 0.27), (ii) ground effect plus multiple scattering, and loss of coherence due to scatter ing using 
equivalent turbulence (18), and (iii) these effects plus visco-thermal attenuation in foliage. The total 
of the predicted effects agrees well with the data.  A simpler way of predicting propagation over or 
through crops is to add ground effect and foliage effect only. This requires larger ‘effective’ values 
for foliage per unit area and mean leaf size but avoids the need for the detailed calculations of multiple 
scattering and of the loss of coherence (16). 

 
 

Figure 7 Spectrum of the level difference between 0.3 m high reference receivers at 1 m and 10 m from a 
0.3 m high omnidirectional source measured in 0.45 m to 0.5 m high winter wheat (solid [blue] line). Also 
shown (16) are predictions of ground effect alone (broken [red] line); ground effect plus incoherence plus 
multiple scattering by stems (broken [black] line); ground effect plus incoherence plus multiple scattering 

by stems plus visco-thermal attenuation (solid [black] line) 

3.4 Propagation through hedges 
Predictions of the simplified method have been compared also with data for transmission of sound 

from different single vehicles passing by a 2 m thick hornbeam' hedge near a tennis court (19). Figure 
7 compares predictions with data during pass-bys with two different vehicles. Overall pass-by 
experiments at two hedges gave median insertion loss values of between 1.5 and 3.6 dB(A). 

 

 

 

 

 

 

   
 

Figure 8 (a) and (b) Sound level spectra measured during different car pass-bys without (continuous black 
lines) and with (broken blue lines) a 2 m thick hornbeam hedge and predictions (broken red lines) which 

sum the attenuations due to ground and foliage effects (19).    

3.5 Propagation through trees 
An important contribution to sound attenuation through a belt of trees is the destructive 

interference from ‘soft’ ground effect associated with the leaf litter and humus layers that form beneath 
the trees. This is reduced by scattering from tree trunks but supplemented at high frequencies by 
foliage attenuation. Figure 9 compares third octave band excess attenuation spectra (joined circles), 
obtained from measurements in a pine forest with an 0.8 m high loudspeaker source and 1.2 m high 
receivers at 10 m and 80 m respectively from the source in a pine forest, with predictions (broken 
lines) obtained by summing ground effect modified by scattering-induced incoherence and foliage 
attenuation (18). An analytical 3D scattering model for propagation in forests has been developed (20) 
which includes tree height as a parameter. But further work is needed to improve the ‘absorption cross 
section’ used to account for visco-thermal effects in foliage. Also, since the 3D scattering theory 
assumes random spacing, it does not account for the predicted potential additional attenuation 
resulting from regular spacing i.e. ‘sonic crystal’ effects (12). 
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Figure 9 Sound level re free field spectra measured (joined circles) and predicted (broken blue lines) in a 

pine forest 

4. MITIGATION OF ADVERSE METEOROGICAL EFFECTS  

4.1 Downwind performance of noise barriers 
A significant problem for conventional noise barriers outdoors is their interaction with 

meteorological conditions. The presence of the barrier disturbs the airflow during wind. The altered 
wind profile in the vicinity of a barrier causes deterioration in acoustical performance, since wind 
speed gradients and intensity of turbulence become larger near the barrier. The consequent increased 
refraction of sound during downwind sound propagation (sometimes called REfraction of Sound by 
WINd-induced Gradients (RESWING)), reduces the shadow region behind a barrier. As well as the 
additional refraction near the barrier, turbulence, including screen-induced turbulence, results in 
increased noise levels behind the barrier. But for thin rectangular barriers, broadband traffic noise and 
limited distances behind the noise barrier, turbulence effects are small compared with screen-induced 
refraction.  

The effect of a row of trees (in leaf) behind a noise barrier, i.e. on the receiver side, on wind-
gradient-induced refraction has been investigated. Measurements made continuously at a location with 
and without a row of trees behind a noise barrier from the middle of the summer until fall have been 
compared. For downwind locations and for an orthogonal incident wind, the efficiency of the noise 
barrier with trees was better than that of the noise barrier without trees  and the downwind 
improvement increases with increasing wind speed (21). 

4.2 Berms v barriers 
Predictions indicate that roughening an acoustically hard berm can improve its insertion loss (12). 

Vegetated berms retain the soft ground effect that might be lost with the erection of a conventional 
barrier. Whereas the shielding by a conventional noise barrier can almost disappear for receivers 
downwind, predictions indicate that the insertion loss provided by a berm or bund of similar height 
can remain relatively unaffected (22). Where land use permits, in considering long-term equivalent 
noise levels, including periods with wind, acoustically soft and shallow berms are to be preferred to 
vertical barriers, since not only do they mitigate downwind effects and reduce potential nuisance 
caused by source side reflections, they offer non-acoustical, i.e. aesthetic, benefits.    

5. CONCLUSIONS 
Other ‘natural’ means for reducing noise include vegetative coverings on the faces of noise barriers 

and buildings and barriers made from cage-supported piles of stones (gabions). While it is difficult to 
use natural means to achieve reductions comparable say with a 2 m high conventional noise barrier, 
vegetation in urban spaces can contribute 'positive' sounds as well as reduce undesirable ones. Tree 
belts increase wind sounds and form corridors that attract animals and their associated calls. 
Vegetation on façades can improve the visual quality of environments. The extent to which such visual 
changes also influence auditory perception of noise is debatable. Nevertheless, the effect on the 
overall environment is important, and noise-mitigation methods that also improve aesthetic aspects 
are obviously better than methods that do not.  

The HOSANNA project (12) looked also into the costs and benefits of the various methods for 
noise reduction. The most robustly cost-efficient of the environmentally friendly methods, after 
accounting for non-acoustical benefits such as air pollution reduction and bio-fuel generation, was 
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found to be the provision of dense tree belts alongside surface transport corridors . 
More work is needed to find optimum combinations of soil, vegetation and landscape. Only a start 

has been made in modelling, and, thereby, designing natural means of noise reduction. Exploration of 
these possibilities needs more accurate modelling than achievable with current prediction schemes 
(23). In any case, the use of non-physical models for describing acoustical properties of soils 
(6,7,24,25) should be avoided. Physically admissible models give at least as good predictions (10,11).  
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ABSTRACT 
Organic matter influences physical and mechanical properties of soils. Samples collected from a long-term 
agriculture experiment involving different treatments, have been subjected to differential thermal analysis 
(DTA) to deduce the organic matter content and its composition. Water release characteristics and soil 
strength have been measured with the suction plate method and indirect tension method, respectively. 
Impedance tube measurements made on sand samples with various water content show that soil surface 
absorption decreases with increasing water content. Changes in absorption coefficient spectra deduced from 
impedance tube measurements on soil samples extracted from the long-term agriculture experiment involving 
different organic matter content but similar water content, are consistent with predictions of the effects of 
changes in porosity and permeability in rigid-porous air-filled media. 
 
Keywords: Soils, Porosity, Permeability 

1. INTRODUCTION 
Soil is a complex porous elastic medium. Structural properties of soil (porosity, pore size 

distribution, tortuosity, air permeability etc.) can be regulated by different factors (both biotic and 
abiotic). It has been observed that organic matter had a strong interaction with physical properties of 
soil such as porosity and resistance, mechanical stresses (1). Poor structural condition of soil 
(compaction, degradation) can restrict plant growth and affect crop yield. So, it is very important in 
agricultural research to have reliable information and knowledge regarding physical properties and 
structural stability of soil (2). In this study, we are observing the physical behavior of long-term 
agricultural soil including pore-related properties, water retention, mechanical properties etc. and 
trying to identify the impact of organic matter and nitrogen applications on soil structure-related 
properties. To achieve our research goal, we adopted different measurement techniques, commonly 
used in soil physics and engineering. Acoustical excitation provides a non-invasive alternative to the 
classical methods used in soil physics and can be utilized to determine properties of soil (2, 3, 4, 5, 
6). Sound wave propagation through soils is a mechanical phenomenon that causes a small 
perturbation without altering the fabric of soils (7). Attenborough and colleagues (4) found that sound 
can penetrate through soil due to surface porosity and associated air permeability and thus to be 
absorbed and undergo phase change through friction and thermal exchanges between the pore fluid 
and the surrounding solid. Sound propagation in soil or any porous media is influenced by its texture, 
structure, roughness, degree of compaction and the moisture content (3, 5, 7, 8, 9). Acoustical 
techniques have been used to study the formation of surface crusts (10). 

Classical Biot theory for a porous and elastic medium (11, 12) predicts the existence of three wave 
types in the porous medium: two types of dilatational or compressional waves (1st and 2nd kind) and 
one rotational or shear wave. In a soil consisting of a dense solid frame with a low-density fluid, such 
as air saturating the pores, the first kind of dilatational wave, often called the ‘fast’ wave which is 
characterized by particle motion in phase with fluid motion, has a velocity very similar to the 2 nd 
dilatational wave (or "P" wave in geophysics) travelling in the drained frame. However, the 
attenuation of the first dilatational wave type is higher than that of the P wave in the drained frame.  
The extra attenuation comes from the viscous forces in the pore fluid acting on the pore walls. This 
first dilatational wave has negligible dispersion and its attenuation is proportional to the square of the 
frequency, as is the case also for the rotational wave. If fast waves are excited predominantly, viscous 
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coupling at pore walls means that some of their energy is carried in the pore fluid as the second type 
of dilatational wave or ‘slow’ wave. In air-saturated soils, the second dilatational wave, often called 
the ‘slow’ wave, has a much lower velocity than the first. The attenuation of the ‘slow’ wave stems 
not only from viscous forces at the pore walls but from thermal exchange with the pore walls. In the 
rigid-frame limit, theory predicts a single ‘slow’ wave which governs the acoustical properties of 
rigid-framed porous solids and is the wave type responsible for the acoustical properties of sound 
absorbing materials (13). Models for the acoustical properties of rigid-porous media introduce several 
parameters such as the tortuosity of the pore space, porosity, viscous characteristic length, thermal 
characteristic length, flow resistivity and dynamic shape factors (14, 15). 

2. METHODS AND MATERIALS 

2.1 Soil sampling and preparation 
In this study, we collected top-soils (0-23 cm) from Broadbalk wheat experiment (51° 48´ 32.14´´ 

N, 0° 22´ 15.21´´ W) – the world’s oldest long-term experiment (since 1843) in Rothamsted Research, 
Harpenden, UK in late October 2018. Four plots on section 9 of Broadbalk experiment were sampled 
to give a range of Soil Organic Matter (SOM) contents including: control plot (Nil), farm yard manure 
(FYM) plot, inorganic fertilizers plots with two levels of nitrogen (N) e.g., Mid Nitrogen plot N3 
(NPKMg)- 48 Kg N per ha and highest nitrogen plot N6 (NPKMg)- 288 Kg N per ha. Soil Organic 
Carbon (SOC) content for Nil, FYM, N3 and N6 are 8.4, 31.75, 11.48 and 12.82 t /ha respectively. 
Prior to acoustic characterization, the soils were partially saturated by adding water by weight and 
suction plate data follow the water retention curves shown in Figure 1. The water retention 
characteristic is an important physical property controlled by pore geometry (16).  Figure 1 shows that 
soil samples with higher organic matter content have higher water retention.  

 

Figure 1 – Water retention characteristics fitted with van Genuchten model (17), of soil samples from the 

Broadbalk experiment (BK) 
The soil samples were air-dried and passed through 2 mm mesh sieve. Initial water content for air-

dry soils were very low and quite similar. The water content for Nil, FYM, N3 and N6 air-dry samples 
are 1.8%, 2.6%, 1.9% and 1.9% respectively. All partially saturated soils were allowed to equilibrate 
for at least 24 h in air-tight plastic bags at a constant temperature to prevent evaporation before 
impedance tube measurements. By using pneumatic pressure chamber immediately before the 
measurements, the dry and moist samples were packed to different densities into a sample holder with 
a hard base specially designed to fit with the impedance tube. The samples were about 40 mm thick. 

2.2 Impedance tube measurements 
In the impedance tube measurement, a loudspeaker is used to excite the sample with sound. And a 

microphone is used to measure the total pressure above the soil surface  (10). In this study, we used a 
three microphone Bruel and Kjaer 100 mm impedance tube (Type BK 4206), operated in the wide -
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spacing mode (100 mm microphone spacing) in the frequency range between 50 and 1600 Hz, 
connected to a National Instruments data acquisition system. The impedance tube was set up vertically 
by screwing on to a laboratory wall shown in Figure 2. 

 
Figure 2 – Impedance tube set up  

The 100 mm inner diameter sample holder was clamped to the impedance tube. In this study we 
used a single microphone method and a white noise signal and measured the transfer function of the 
acoustic pressure between two different positions in the measurement tube with the same microphone. 
The reflection coefficient of the reference plane is estimated from the transfer function. Finally, the 
impedance and normal incidence absorption coefficient are calculated from the reflection coefficient. 
The use of the same microphone for measuring the pressure at the two different positions does not 
require a relative calibration between two microphones. The data acquisition and processing were 
carried out with MatLab® codes. 

Initially, measurements were made on 50 mm thick fine sand samples with different moisture 
content. The results (Figure 3) show that as the percentage of water in sand increases the absorption 
gradually decreases in agreement with Horoshenkov and Mohamed (18). 

 
Figure 3 – Absorption coefficient spectra of fine sand samples with different water content 
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3. RESULTS WITH VARYING ORGANIC MATTER 

3.1 Repeatability 
First, we have considered the repeatability of the measurements. The example absorption spectra 

in Figure 4 show good repeatability between 200 Hz and 1400 Hz.  

 
Figure 4 – Three repetitions of absorption coefficient deduced from measurements on FYM soil 

3.2 Air-dry soils 
Results of impedance tube measurements show that soils with minimal water content (air-dry soil) 

packed to same density (1.3 g/cc) but different organic matter content give rise to different absorption 
spectra. For the air-dry soil samples all the nitrogen treatments (even the control sample with no 
nitrogen) result in higher absorption than FYM (Figure 5). 

 
Figure 5 – Absorption coefficient spectra of 4 cm thick Air-dry soils with same packing density of 1.3 g/cc 
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On the other hand, when the dry soil samples were packed at 10 kPa pneumatic pressure, which 
implies lower densities, soils with high organic matter (FYM) along with higher nitrogen (N6) show 
higher absorption (Figure 6). 

 

Figure 6 – Absorption coefficient spectra for air-dry soil samples packed at 10 kPa pressure 

3.3 Effects of partial saturation  
Also, results of measurements on partially saturated soils show that the absorption of soils treated 

with FYM has a strong dependence on water content. FYM gives higher absorption than N6 when 
water content is high and at same matric potential (Figure 7). But the same samples with reduced 
moisture content, i.e. in drier conditions, give higher absorption (Figure 8). 

 
Figure 7 – Absorption coefficient spectra of soil samples with moisture content at 300 kPa matric potential 

and packed to 1.3 g/cc 
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Figure 8 – Absorption coefficient spectra of FYM soil samples with different packing and moisture 

conditions 

4. DISCUSSION  
Velea and coworkers (19) investigated the effect of different saturation levels on the speed of 

compressional and shear waves in porous material. Also, Horoshenkov and Mohamed (18) found that 
changes in the acoustic surface admittance result from a relatively small change (from 0 to 15%) of 
the water content in sand as supported by the data in Figure 3. 

It has been observed that organic matter particles fill in the coarse pore fraction to produce a greater 
number of fine pores and increased total porosity (20).  

We have observed that soil samples with high organic matter show relatively high absorption of 
sound. The increase in measured absorption with organic matter is consistent with the predicted effects 
of increasing the porosity and permeability on the acoustical properties of a 4 cm thick rigid-porous 
hard-backed layer. Figures 9 and 10 show some representative predictions of the effects of changes in 
porosity and permeability using the Johnson-Champoux-Allard model (14,21).  

 
Figure 9 – Predicted effect of changes in porosity (assuming constant permeability etc.) on the normal 

incidence absorption coefficient of a 4 cm thick rigid-porous hard-backed layer. 

 
 
 
 
 
 
 
 
 

Frequency Hz 

0.2 

0.4 

0.6 
flow resistivity 682.5 kPa s m-2, 
tortuosity 2,  
viscous characteristic length 0.025 mm 
thermal characteristic length 1 mm 
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Figure 8 – Predicted effect of changes in flow resistivity (viscosity coefficient/permeability) assuming 

constant porosity 0.4 etc., on the normal incidence absorption coefficient of a 4 cm thick hard-backed layer. 

In making these predictions, no attempt has been made to find best fit parameters for the measured 
absorption spectra other than to ensure that the predicted absorption coefficients have similar 
magnitudes to those measured. Furthermore, in the predictions, the characteristic lengths have been 
kept constant whereas, strictly, they should have been changed also. Nevertheless, these predictions 
suggest that the changes in absorption coefficient spectra observed in Figures 5 to 8 are consistent 
with the predicted effects of changes in porosity and permeability in a rigid-porous air-filled hard-
backed layer.  

5. CONCLUSION 
It has been confirmed that different levels of moisture content cause  variations in the acoustical 

characteristics of both sand and soil. Moreover, the acoustical results of increasing organic matter 
content in soil are consistent with increasing porosity and permeability. While this has implications 
for the potential variations of ground effect over cultivated soils, it is also of interest to the use of 
non-invasive sound reflection for monitoring soil condition. Further work will involve deducing 
physical parameters from the acoustical data for various soil states and comparing the acoustically -
deduced values with those obtained by other means.  
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ABSTRACT 
This work provides evidence of the importance of considering urban green structures and in particular the 
Living Green Walls (LGW) as sound-scaping instruments. An insight to Living Green Walls sound 
absorption properties is provided with particular interest of sound absorption coefficient and plant 
morphology. The work was carried out in-situ in internal and external environment and makes use of 
parametric transducer and XYZ gantry. Novel method of parametric transducer was previously verified by 
the use of impedance tube tests benchmarking against porous media material. The proposed XYZ gantry 
method eliminates the reflection from the ground and averages the discrepancy of the absorbed/reflected 
sound due to plant morphology over a given area of interest. The new method is an alternative to the ISO354-
2003 and CEN/TS 1793-5:2016 standard methods to measure acoustic absorption of materials. 
 
Keywords: urban noise, Living Green Wall (LGW), living plants, green wall, acoustic absorption, acoustic 
measurement, parametric sound. 
 

1. INTRODUCTION 
Soundscape is now recognised as a very important characteristics of the modern, developed civilisation. 

Soundscape as a term that appeared in 70’s and denotes an acoustic environment made of cacophony of 
sounds as perceived by humans which is different in each given context, urban and non-urban (1). Noise on 
the other hand is regarded as a loud and unpleasant/unwanted sound that causes disturbance or stress. A new 
term of noise pollution appears alongside soundscape and is now being used to describe unpleasant 
soundscapes of urban settings that is dangerous and harmful to both humans and animals (2-3).   

In large urban setting as megapolis cities noise pollution is a major problem which is a hindrance to human 
day-to-day life and that remaining wildlife. With rapid development of economies and work opportunities 
supported by free mobility of workforce, traffic noise is by far the most harmful noise pollution source, 
including ground, air and water transportation. America (USA) is the most studied country for noise pollution 
and it is reported that in general traffic noise accounts for 70% of overall pollution with instantaneous noise 
values being in excess of 80 dB (4), 1-5 m away from the source, which worryingly are increasing year by 
year. There are many studies that suggest the harmful effect of noise pollution on human’s health (hearing 
loss, stress, restlessness, nervousness, obesity, heart disease, increased blood pressure, abnormalities in brain 
reflex, etc.) caused by sharp and short as well as moderate and prolonged noises (5-8). And although cities 
like London and Tokyo have opted to reduce traffic noise through electric vehicles, the humanity has still a 
long way to go.     

One of the methods to fix the urban soundscapes is to introduce porous materials that can absorb the 
unwanted noise. Introduction of vegetation is known to help with trapping noise and creating tranquil spaces. 
Vegetation or plants are able to attenuate sound waves by reflecting and absorbing the acoustic energy of the 
viscid thermal boundary layer near the surface of the plant. Alternatively, plant internal branches or stems 
can accommodate vibrating sound that helps to reduce sound energy (9).  

In our study we have used the Living Green Walls (LGW) with benchmarks to plywood wall and 

                                                        
1 A.Romanova@greenwich.ac.uk 
2 K.Horoshenkov@sheffield.ac.uk 

566



 

 

melamine wall to establish how the structures with and without vegetation absorb the sound of different 
frequencies. To facilitate the measurement with great precision we have constructed a motorised XYZ gantry 
system that also allows to replicate the experiment over time. The system uses the method of parametric 
transducer (10) that has feasible benefits over ISO354-2003 and CEN/TS 1793-5:2016 standard methods, as 
it eliminates the reflection from the ground and edges of the wall.   

2. EXPERIMENTAL METHODOLOGY  
The acoustic method described in (10) was used, where instrumentation consisted of ‘An intensity probe, 

Brüel & Kjær, type 4197 with Brüel & Kjær NEXUS conditioning amplifier type 2690 and parametric 
transducer (directional loudspeaker HSS-3000 Emitter) with HSS-3000 amplifier.’ The intensity probe was 
firmly attached to a motorised telescopic X-oriented leg and placed at a height of 0.9 m and 1.7 m away from 
the measured surface center (corresponding to 0,0,0 mm reference point or C0). The orientation of the 
intensity probe with respect to the wall was perpendicular. The directional loudspeaker was also attached to 
a tripod and it was placed 4 m away from the wall in the same central co-ordinates as per reference point. 
The line connecting the center point of the directional loudspeaker and the middle of the intensity probe was 
set perpendicular to the wall. See Figure 1 for the set-up. 

2.1 XYZ gantry set-up 
The novel motorised XYZ gantry to move the intensity probe in 3-dimensions was built using aluminium 

profiles with 0.2 mm precision Mclennan motors of type IP57-M1-10 and HepcoMotion moving line 
attached. The horizontal X-Y axis, allowing movements left-to-right and forward-to-backward have the 
capacity of 1800 mm spread (the internal space is square). The Z axis allows for 80 mm up-to-down 
movement. Three of the motors, serving each axis, are connected to the portable SIEMENS TP-Link control 
unit that is PCB, DAQ and Webserver enabled. This is synchronised with the SIEMENS online application 
to control the position of the intensity probe in the XYZ axis. This can be repeated with the same precision 
every time.  
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Figure 1 - Laboratory side view schematics (top) and XYZ gantry picture (bottom) 
 
In these experiment sinusoidal chirp sound of 20 Hz - 20 kHz was emitted. As per (10) ‘The primary 

frequency of the parametric transducer used in this work was 44 kHz. The peak sound pressure of this primary 
wave was 440 Pa at 0.3 m from the transducer’s center. This was sufficient to develop strong non-linear 
effects causing the emission of the differential wave. The sound pressure in the primary wave reduced to 
approximately 35 Pa at 4 m away from the transducer.’ 

 

2.2 LGW and benchmarks 
The LGW can be constructed from different materials and in our case the 2 m wide and 1.8 m tall wall 

donated by ANS Global Ltd (see Figure 2 and 3) is assembled from HDPE modules, growth medium (soil & 
fertilisers) and pipeline with pump based irrigation system that is hidden behind the modules together with 
water membrane and wood hinges.   

 

 
 

Figure 2 - Living Green Wall schematics (11), left-to-right: single empty module, module with soil, module 
with plants, attached module to the LGW construction wall 
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Figure 3 - Plywood and melamine foam (left), green wall vegetation (right) 
 

In this study 3 sets of experiments have been performed: (i) 100mm melamine foam, (ii) 18 mm plywood 
wall, (iii) LGW with selection of four random plants and 10% moisture content. In each cases the test area 
was 2 m by 1.8 m, where the intensity probe was moved in the following XYZ positions: 

 

 
Figure 4 - Intensity probe XYZ positions, for center (C0) and 7 cm or 15 cm shift from high (H) to low (L) 

and left to right 
 

Although the plant species selection was mostly random, it was ensured that the chosen morphology of 
each of the group of plants would differ. The morphology parameters included: leaf and stem length and 
width to give leaf area, leaf thickness, number of leafs / flowers per 10 cm2  to calculate density and plant 
height as distance from the module until the plant edge to give volume. 
 

3. DATA ANALYSIS 
3.1 Acoustic Analysis 

The signal used with the described experimental setup was a 10 sec sinusoidal sweep in the frequency 
range of 20 Hz - 20 kHz, but only100 - 5000 Hz used on reflection. Below 500 Hz the sensitivity of the 
parametric loudspeaker was too low to overcome the background noise. Above 5000 Hz the directivity 
pattern of the parametric loudspeaker was found too complex and the sensitivity of the intensity probe too 
low to apply the proposed method. The signals recorded on the microphone pair in the intensity probe were 
sampled using a National Instrument USB-4431 card at the sampling rate of 22.05 kHz (10). The recorded 
signals were processed with Matlab® to obtain the acoustic instantaneous intensity using the same 
deconvolution method as detailed in Chapter 5 of (12). The application to deconvolution enabled to achieve 
a very high signal to noise ratio which is important in the presence of high levels of ambient noise while 
taking measurements in-situ.  

 
The instantaneous acoustic intensity was calculated as 
 

( ) ( ) ( )I t p t u t ,          (1) 
 
where p(t) is the time-dependent mean sound pressure recorded on the two microphones in the intensity 

probe and u(t) is the acoustic particle velocity estimated from the sound pressure data, p1,2(t), recorded on 
microphones 1 and 2 
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where ∆ = 12 mm and is the microphone separation in the intensity probe and ρ0 is the equilibrium density 

of air. Intensity spectra of the sound waves were used to calculate the absorption coefficient which was 
determined as the following ratio 
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where Ia(ω) is the intensity spectrum reflected from an absorbing layer (e.g. melamine), Ir(ω) is the 

intensity spectrum reflected from the wall which was assumed rigid and C(ω) is the correction which takes 
into account the peculiarities in the propagation and attenuation of the sound wave radiated by the parametric 
transducer. This coefficient was calculated based on the assumption that the wall is a perfectly reflecting 
surface, i.e.   
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in the case of the wall. In this calculation the intensity spectrum reflected from the wall was effectively 

used as a reference. It was also assumed that the ambient conditions for the generation and propagation of 
the ultrasonic career resulting in the audible parametric sound were identical in all of the reported 
experiments. 
 

3.2 Initial Experimental Results  
The instantaneous intensity (Equation 1) recorded in the presence of the wall and in the presence of the 

100 mm layer of melamine is presented in Figure 5. The presented wave samples are numerous repetitions 
of the same experiments before averaging. The reflective wave for the wall is 10 fold higher than for the 
melamine sample as expected.  

Figure 6 demonstrates the reflected intensity spectrum (Equation 3) over 0 - 2000 Hz for the wall sample, 
hedera helix (ivy) and 100 mm melamine sample. The performance of ivy plant with 10% of moisture content 
is placed between the wall and melamine results which yield promising results as sound absorbent medium.  

Figure 7 shows absorbtion coefficient (Equation 4) for melamine sample and four different plant type 
based LGW’s. To remind, each plant type exhibited unique values in the morphological analysis. When 
examining these parameters all together and separately it was established that the leaf area density has a direct 
correlation with the obtained acoustic coefficient. The leaf area density for each of the plant types is also 
identified in Figure 7 and shows that the absorbtion coefficient improves as the leaf are density increases. In 
the case of bergennia crassifolia the acoustic absorbtion coefficient in the range of 1100 - 1600 Hz is very 
similar to the performance of the melamine foam.  

 

4. DISCUSSION AND IMPROVEMENTS 
      The current XYZ method proved to be reliable at performing high quality repetitive measurements and 
could be set up at any location to perform the in-house or in-situ experiments under the conditions that would 
be comparable. It should be noted that the equipment should be placed as indicated in geometrical 
arrangement in Figure 1 (top). To further advance the set-up either laser or GPS system can be used to 
establish on-site repetitive co-ordinates in correlation to the wall of interest. 
      The presented experiments demonstrate the data from 15 intensity probe locations and in the future more 
co-ordinates will be examined. It is proposed to look at 50 - 150 mm steps in X and Y directions expanding 
to 1 m and 600 mm in Z direction to provide an understanding of the sound field that can be modelled.  
      To further prove the validity of the method and provide a range of data to inform the modelling exercise 
it is proposed to carry out systematic experiments with a large variety of plants and LGW systems.  
 

570



 

 

 

 
Figure 5 - The time histories for the instantaneous intensity recorded in the presence of the wall (top) 

and in the presence of the 100 mm layer of melamine (bottom) 
 

 

 
Figure 6 - Reflected intensity spectrum for the wall sample, ivy and melamine sample 
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Figure 7 - Absorbtion coefficient for melamine sample and four LGW based on different plant types 

with indication of leaf area density 

5. CONCLUSIONS 
The newly proposed method is less prone to the unwanted ground and edge effects compared to standard 

methods (ISO354-2003 and CEN/TS 1793-5:2016) because the adopted loudspeaker and intensity probes are 
highly directional and enable us to focus the radiated sound on the green wall area primarily. This method is 
relatively easy to implement and replicate. Automated XYZ instrumentation allows to easily perform a large 
number of measurements to capture the complexity of the acoustic field in space radiated by the parametric 
transducer and scattered by the green wall or other walls of interest.  

The results confirm that the presence of plants with a relatively high leave area density can significantly 
enhance the absorption properties of a Living Green Wall system, particularly in the medium and high 
frequency range, i.e. above 1000 Hz.  

The results also show that a compartmentalised Living Green Wall system can support acoustic 
resonances at frequencies which are controlled by the cell dimension and wall thickness. Some of these 
resonances are reduced or disappear when the wall is treated with a plant with a relatively high leaf area 
density. These resonances deserve a refined numerical modelling to understand better the in-situ acoustic 
performance of a complete Living Green Wall system.  

There is also evidence that in some cases plants can scatter sound coherently resulting in an apparent 
decrease in the absorption coefficient. Refined numerical modelling of such phenomenon would be highly 
beneficial for future development of the theory.  
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ABSTRACT 
This paper overviews recently developed approaches for forest acoustics based on a three-dimensional (3D) 
multiple scattering theory. The mean sound field is calculated with the effective wavenumber which 
represents the scattering by trunks, branches, and the canopy. The radiative transfer equation is formulated 
appropriately to forest acoustics; this result enables calculations of the mean sound intensities transmitted and 
backscattered from a stand of trees. The correspondence between sound propagation in a turbulent 
atmosphere and a forest is outlined. This correspondence, and the existing theory of the interference of the 
direct and ground reflected waves in a turbulent atmosphere, enable analysis of a similar effect in a forest, 
where these waves are scattered by forest elements. Numerical examples illustrating application of the 3D 
multiple scattering theory for calculating the mean sound pressure and mean sound intensity are presented. 
The 3D multiple scattering theory can also be used to study pulse propagation in a forest. 
 
Keywords: Forest acoustics, Multiple scattering, Radiative transfer theory 

1. INTRODUCTION 
Forest acoustics is important in several applications such as noise reduction by a stand of trees and 

localization of sound sources, e.g., reference (1). Due to multiple scattering by trunks and branches, 
attenuation in the canopy, micrometeorology, and interaction with the impedance ground, sound 
propagation in a forest is a very complicated phenomenon. Despite significant efforts, there were no 
satisfactory prediction methods based on first principles.  

Recently, a 3D multiple scattering theory was applied to forest acoustics and the results obtained 
were reported in references (2-5). The 3D multiple scattering theory assumes that different scatterers 
in a forest have random locations. Then, the propagating sound field becomes a random field. This 
stochastic approach is often used in wave propagation in complex media. Using this approach, closed 
form equations for the mean sound pressure and mean sound intensity are derived. The 3D multiple 
scattering theory is a rigorous approach and enables predictions in realistic environments. The theory 
is related closely to sound propagation in a turbulent atmosphere. The results known in the latter field 
(6) can be used to advance forest acoustics. The main goal of this paper is to overview the 3D multiple 
scattering theory as applied to forest acoustics. Note that the theory might not be applicable and needs 
to be modified for a forest planted in a regular pattern.  

The paper is organized as follows. In Sec. II, scattering properties of the canopy and trunk layers in 
a forest are considered. Section III provides an approach for calculating the mean sound field. In Sec. 
IV, the radiative transfer equation (RTE) is introduced, which enables calculations of the mean sound 
intensity. Section V considers the RTE in the high-frequency approximation. The results presented are 
summarized in Sec. VI. 

 

                                                        
1 Vladimir.Ostashev@colorado.edu 
2 D.Keith.Wilson@erdc.dren.mil 
3 Michael.B.Muhlestein@erdc.dren.mi 
4 Keith.Attenborough@open.ac.uk 

574



 

 

2. SCATTERING CROSS SECTIONS IN A FOREST 
In a 3D multiple scattering theory, a key quantity is the scattering amplitude  of a scatterer, 

which is defined as follows. Consider a plane wave propagating in the direction of the unit vector , 
which is incident on the scatterer. The scattered wave can be expressed as a product of the Green ’s 
function in free space, the amplitude of the incident wave, and the scattering amplitude , 
where the unit vector  is in the direction of the scattered wave. Thus,  characterizes the 
amplitude of the wave scattered in the direction of the vector . 

Equations for the statistical moments of the sound field in a forest contain the differential scattering 
cross section (DSCS), , and the total cross section (TCS), . These cross sections may be 
expressed in terms of the scattering amplitude as 

. (1) 

Here, is the number of scatterers per unit volume and  is the sound wavenumber in free space. It is 
often useful to express the TCS as a sum of the scattering cross section (SCS), , and absorption 
cross section (ACS), :  

+ . (2) 
The SCS characterizes the loss of energy of a sound wave propagating in the direction of the unit 
vector  due to sound scattering in all directions. It is obtained by integrating the DSCS over the unit 
vector :  

 (3) 

Here,  is the solid angle in the direction of the vector . The ACS has a similar meaning but is 
pertinent to sound absorption rather than scattering. The ACS accounts for sound absorption in a forest 
such as visco-thermal dissipation in foliage.   

There are two approaches for determining the DSCS and TCS in a forest: (i) The cross sections can 
be measured experimentally as explained in references (3,4). (ii) Trunks can be modeled as finite 
vertical cylinders, branches as finite slanted cylinders, and the canopy layer as diffuse scatterers. 
Using these scatterers, different realistic forests can be built.  

As an example of the second approach, we provide modeling of the trunk and canopy layers, which 
will be used later in the paper. Trunks are modelled as solid finite vertical cylinders with the scattering 
amplitude  from reference (7). The DSCS is then (3):  

 (4) 

Here,  is the length of a cylinder,  is its radius,  is the sinc function,  and  are the polar 
and azimuthal angles of the unit vector , and  and  are those of the unit vector .  The 
functions  are given by 

 (5) 

where,  is the Neumann factor,  is the Bessel function,  is the Hankel function of the first 
kind, and primes above these functions denote derivates with respect to the argument.  Although these 
formulas appear to be involved, they are relatively easy to implement numerically.  The SCS, , 
can be obtained with Eq. (3). Since trunks are assumed as solid cylinders,  and    

In the considered example, branches can be modeled as solid finite slanted cylinders. The DSCS is 
still given by Eqs. (4) and (5) with some transformation of the angles. Since the canopy layer usually 
consists of many small scatterers such as leaves, needles, and twigs, it can be modelled by diffuse 
scatterers. For such scatterers, the DSCS  does not depend on the vectors  and . 
Visco-thermal attenuation and induced vibration in the canopy layer may be modelled by a finite value 
of the ACS, .  

In a forest, the scattering amplitude and cross sections usually depend on the spatial coordinates 
. In what follows, this dependence is accounted for by including  as an argument of the 

corresponding quantities, e.g., , , and  
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3. MEAN SOUND PRESSURE 
In a 3D multiple scattering theory, the sound pressure in a forest can be written as  

 (6) 
Here, the brackets  indicate ensemble averaging, is the mean sound pressure (also termed 
the coherent sound field), and is the sound-pressure fluctuation. The mean sound pressure can be 
calculated using the well-known parabolic equation (PE) in a non-random medium,  

, (7) 

if the sound wavenumber  is replaced with the effective wavenumber  which accounts for sound 
scattering in a forest. In this equation, the -axis is in the direction of sound propagation, 

,  is the sound speed, and  is its reference value. The effective wavenumber is given by 

 (8) 

The effective wavenumber is also used in a 2D multiple scattering theory to predict the mean sound 
pressure, e.g., references (1,8,9). The effective wavenumbers for 2D and 3D cases coincide for 
horizontal sound propagation and differ for slanted propagation, see reference (2).  

Effective numerical algorithms for solving Eq. (8), which account for atmospheric stratification 
and sound interaction with the impedance ground, have been developed in atmospheric acoustics , e.g., 
reference (6). These algorithms can be readily applied to sound propagation in a forest. As an example, 
Fig. 1 depicts the complex amplitude of the mean sound pressure, , due to a point 
unit strength source. In the figure, dashed horizontal lines indicate the trunk and canopy layers, which 
are 12 m and 25 m high. For this example, the sound frequency is 1 kHz, the source height is 1 m, the 
number of trees per unit area is 1/ , and the tree radius is 0.09 m. These parameters 
and the scattering amplitude for solid finite vertical cylinders (7) enable us to calculate  in the 
trunk layer. In the canopy layer, we assume that  is that in the trunk layer multiplied by a 
factor 1.5. The relaxation model (6,10) with parameters pertinent for a fermentation/humus layer in a 
forest (11) is used to assess sound interaction with the ground, see reference (3) for more details. In 
Fig.1, four subplots depict gradually increasing complexity of sound propagation. Figure 1(a) 
corresponds to a source located above an impedance ground in a homogeneous atmosphere. In Fig. 
1(b), a 12 m high trunk layer is added to a homogeneous atmosphere. As a result, the complex 
amplitude in this layer and above is significantly attenuated starting at the range of about 200 m. In Fig. 
1(c), a 13 m high canopy layer is added to the previous geometry. This results in significant sound 
attenuation with height. Finally, in Fig. 1(d), the sound speed has a vertical gradient 0.12 1/s which 
results in downward refraction.   

The mean sound pressure attenuates approximately exponentially with propagation range and is 
applicable for a relatively small range. Beyond this range, the 3D multiple scattering theory provides 
approaches for calculating the mean sound intensity as explained in sections 4 and 5.  

4. MEAN SOUND INTENSITY 
The mean sound intensity is given by . Substituting with Eq. (6), the mean 

intensity can be written as 
 (9) 

The first term on the right-hand side  is termed the coherent sound intensity 
and the second term  the diffuse sound intensity.  

In the radiative transfer theory, the mean intensity can be expressed in terms of the radiance,  

. (10) 

The radiance  is defined as the average energy flux within a unit solid angle  in the direction 
of the unit vector n. It follows from Eq. (10) that the mean intensity is obtained by integrating the 
radiance over all directions of the vector n. The radiance can be found by solving the RTE:  
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. (11) 

 

 
Figure 1 – Complex amplitude of the mean sound pressure versus range and height. The geometries of sound 

propagation are explained in the text.  
 
Solutions of the RTE are well developed in many fields of physics and can be readily applied to 

forest acoustics. The RTE accounts for diffraction. Similar to the mean sound intensity, the radiance 
can be expressed as a sum , where is the coherent radiance and 

 is the diffuse radiance. Reference (3) provides RTEs for the coherent and diffuse radiances.  
Consider an example of using the RTE in forest acoustics. Let a plane sound wave be normally 
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incident on the forest edge, with a receiver located at the other edge of the forest. The forest is modeled 
with four layers: ground, trunks, canopy, and open air. This geometry is pertinent to sound attenuation 
by a stand of trees. Parameters typical for a temperate conifer forest are considered: the height of the 
canopy layer is 25 m, the height of the trunk layer is 12 m, the number of trees per unit area is 0.05 
1/ , and the tree radius is 0.09 m. Furthermore, the sound frequency is 1 kHz and the height of the 
receiver is 2 m. Using these parameters, the TCS and DSCS in the trunk layer can be calculated with 
Eqs. (2)-(5). Currently, scattering and absorption properties of canopy layers are mostly unknown. For 
concreteness, we assume that  and the TCS is equal to  in the trunk layer for 
the vector  in the direction of the incident wave. Sound interaction with the ground is modelled 
similar to that in Fig. 1.   

 

Figure 2 – (a) Normalized sound intensities transmitted through the forest. (b) Normalized sound intensity 

backscattered from the forest.  
 

For the considered example, the RTE, Eq. (11), is solved in a modified Born approximation. Figure 
2(a) depicts the mean, coherent, and diffuse sound intensities, normalized by the incident intensity, 
transmitted through the forest versus the forest length. The coherent intensity exponentially attenuates 
with increasing forest length. The diffuse intensity is zero at the forest edge, reaches a maximum at 
74.5 m, and then decreases with the forest length. The mean sound intensity is a sum of the coherent 
and diffuse intensities. Figure 2(b) depicts the mean sound intensity backscattered from the forest. The 
backscattered intensity monotonically increases with increasing forest length and reaches a plateau at 
about 140 m.      

The RTE is valid for both low and high frequencies. Sound propagation in the atmosphere is usually 
considered in the high-frequency approximation. In this approximation, the RTE simplifies as 
explained in the next section. 

5. HIGH-FREQUENCY APPROXIMATION  
The high-frequency approximation corresponds to narrow-angle sound propagation in a 

predominant direction, which we align with the -axis. In this case, the RTE can be reduced to the 
following PE, see reference (5):  

 (12) 

Here,  is the spatial correlation function of the sound field,  
and  are two points of observation located at the same range ,  is the vector 
between the observation points in the plane perpendicular to the -axis,  is the 
geometrical center of these two points, and  corresponds to the ACS in the direction of the -axis. 
The mean sound intensity is obtained by setting  in the correlation function: 

. In Eq. (12), the function  is given by  
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 (13) 

where  has the following meaning. In the narrow-angle approximation, the DSCS 
 depends only on the difference between the vectors  and : . In 

this formula, , where  is the component of the vector  perpendicular to the 
-axis. Then, , where . Thus,  is 

the DSCS in the narrow-angle approximation. 
Equation (12), which is termed the second-moment PE, also describes the correlation function of 

the sound field in a turbulent atmosphere. In this case, the DSCS, , is expressed in terms 
of the spectra of atmospheric turbulence and , see reference (5) for details. Effective numerical 
techniques for solution of the second-moment PE have been developed in atmospheric acoustics 
(6,12,13) and can be used to study sound propagation in a forest. This approach can be generalized to 
account for sound refraction in a forest. 

Sound propagation in a turbulent atmosphere has been investigated relatively well and is 
summarized in reference (6). The results from this reference and the correspondence between sound 
propagation in a turbulent atmosphere and forest can be used to advance forest acoustics. As an 
example, consider the effect of trees on the interference of the direct and ground-reflected waves. For 
typical ground impedances of forest floors and certain frequencies and ranges, this interference could 
result in significant reduction of the sound pressure level. In practice, however, this reduction does not 
fully occur since scattering by trees diminishes the coherence between the direct and ground-reflected 
waves. A similar phenomenon exists (and is well studied) in atmospheric acoustics, where turbulence 
reduces coherence between these waves. Using the similarity between sound propagation in a 
turbulent atmosphere and forest, we rigorously account for the effect of trees on the interference 
between the direct and ground-reflected waves, see reference (5). For the mean-squared sound 
pressure, we have  

. (14) 

Here,  and  are the path lengths of the direct and ground-reflected waves,  is 
the spherical-wave reflection coefficient, and  is the coherence factor which describes the loss of 
coherence between the direct and ground-reflected waves due to scattering in a forest. The coherence 
factor is expressed in terms of DSCS,  

(15) 

where  is the propagation range, , and  and  are the source and receiver 
heights. For sound scattering by trunks and , Eq. (15) reduces to   

(16) 

Equations (14-16) enable us to access the effect of trees on the interference of the direct and 
ground-reflected waves. As an example, the solid line in Fig. 3 depicts the sound pressure level (SPL) 
relative to that in free space, , versus sound frequency . The propagation range is 
100 m, the source and receiver heights are 1 m and 2 m, the height of the trunk layer is 12 m, the 
number of trees per unit area is 0.05 , and the tree’s radius is 0.09 m. The ground impedance is the 
same as that assumed in Figs. 1 and 2. The other two lines in Fig. 3 correspond to the cases when there 
is no forest (in Eq. (14), ) and when the direct and ground-reflected waves are added 
incoherently ( ). It follows from Fig. 3 that without the forest, the interference results in 
maxima and minima of the SPL as a function of frequency. With the forest, the interference minima are 
reduced by several dB due to the coherence loss between the direct and ground-reflected waves, 
resulting in an apparent increase in the SPL. However, the ground effect interference pattern is 
predicted not to be completely suppressed since, as shown by several measurements (1), there remains 
some coherency between direct and ground-reflected paths in a forest. When these waves are 
incoherent, the maxima and minima are completely suppressed, and the SPL only slightly depends on 
the frequency (Fig. 3).  
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Figure 1 – SPL relative to that in free space for the interference of the direct and ground-reflected waves in a 

forest.  
 

6. CONCLUSIONS 
This paper overviewed application of a 3D multiple scattering theory to forest acoustics (2-5). In 

this theory, the differential scattering cross section (DSCS), total cross section (TCS), scattering cross 
section (SCS), and absorbing cross section (ACS) are utilized to characterize different scatterers in a 
forest such as trunks, branches, and the canopy. Approaches were outlined to access these cross 
sections. 

The mean sound pressure  may be calculated with a standard parabolic equation (PE) if the 
sound wavenumber in free space, , is replaced with the 3D effective wavenumber, , which 
accounts for sound scattering in a forest. The mean sound intensity  was expressed in terms of the 
radiance , which satisfies the radiative transfer equation (RTE).  In the high-frequency 
approximation, the RTE reduces to the second-moment PE for the correlation function of the sound 
field ; the mean sound intensity is obtained by setting  in the correlation function. 
The correspondence between sound propagation in a turbulent atmosphere and forest was outlined and 
used to predict the effect of trees on the interference of the direct and ground-reflected waves. The 
methods for calculating the mean sound pressure and intensity were illustrated by numerical examples.     

Propagation of continues sound signals was considered. A 3D multiple scattering theory can also be 
used to predict pulse propagation in a forest as described in reference (4).  3D multiple scattering 
theory appears to be a very suitable approach for forest acoustics.   

ACKNOWLEDGEMENTS 
This research was sponsored by the U.S. Army Engineer Research and Development Center, 

Geospatial Research and Engineering business area. Permission to publish was granted by Director, 
Cold Regions Research and Engineering Laboratory. 

REFERENCES 
1. Attenborough K, Li KM, Horoshenkov K. Predicting Outdoor Sound. Taylor and Francis, London, 

2006. 
2. Ostashev VE, Wilson DK, Muhlestein MB. Effective wavenumbers for sound scattering by trunks, 

branches, and canopy in a forest. J. Acoust. Soc. Am. 2017;142(2):EL177-183. 
3. Ostashev VE, Wilson DK, Muhlestein MB. Formulation of sound propagation in a forest as a radiative 

transfer theory. J. Acoust. Soc. Am. 2017;142(6):3767-3780. 

580



 

 

4. Muhlestein MB, Ostashev VE, Wilson DK. Pulse propagation in a forest. J. Acoust. Soc. Am. 
2018;143(2):968-979. 

5. Ostashev VE, Wilson DK, Muhlestein MB, Attenborough K. Correspondence between sound 
propagation in discrete and continuous random media with application to forest acoustics. J. Acoust. 
Soc. Am. 2018;143(2):1194-1205. 

6. Ostashev VE, Wilson DK. Acoustics in Moving Inhomogeneous Media, Second Edition. CRC Press,   
2015. 

7. Ye Z. A novel approach to sound scattering by cylinders of finite length. J. Acoust. Soc. Am. 
1997;102:877-884. 

8. Swearingen ME, White MJ. Influence of scattering, atmospheric refraction, and ground effect on sound 
propagation through a pine forest. J. Acoust. Soc. Am. 2007;122:113-119. 

9. Defrance J, Barrière N, Premat E. A diffusion model for sound propagation through forest. Proc. Forum 
Acusticum; Sevilla, Spain 2002. 

10. Wilson DK. Simple relaxation models for the acoustical properties of porous media. Appl. Acoustics 
   1997;50:171-188. 
11. Martens MJM, van der Heijden LAM, Walthaus HHJ, van Rens WJJM. Classification of soils based on 

acoustic impedance, air flow resistivity, and other physical soil parameters. J. Acoust. Soc. Am. 1985; 
78:970-980. 

12. Wilson DK, Ostashev VE, Lewis MS. Moment-screen method for sound propagation in a refractive    
   medium with random scattering. Waves in Random and Complex Media. 2009;19(3): 369-391. 
13. Cheinet S. A numerical approach to sound levels in near-surface refractive shadows. J. Acoust. Soc. Am. 

2012; 131:1946-1958.   
 

581



PROCEEDINGS of the 
23rd International Congress on Acoustics 

9 to 13 September 2019 in Aachen, Germany

Sound absorption by tree bark

Mengmeng LI1; Timothy Van Renterghem2; Jian KANG1,3; Dick Botteldooren2

1 School of Architecture, Harbin Institute of Technology; Heilongjiang Cold Region Architectural Science Key 

Laboratory, China
2 Ghent University, Faculty of Engineering and Architecture, Department of Information Technology, WAVES 

research group, Belgium
3 UCL Institute for Environmental Design and Engineering, The Bartlett, University College London, UK

ABSTRACT
Scattering of sound waves by trunks is part of the noise reducing potential of tree belts, and it has been shown 
before that the absorbing properties of the trunks are relevant in this respect. Detailed information on bark 
absorption is currently very limited. Therefore, laboratory experiments were conducted with an impedance 
tube to measure the bark sound absorption of various species, including variations in bark thickness, tree age, 
density, and trunk diameter. Preliminary measurements were made to define the relevant part of the trunk for 
its acoustic absorption and to come to a reproducible sample handling procedure. The measurements show 
that the absorption (at normal incidence) is generally below 0.1 for the deciduous species considered, and 
that there is a small variation in between them.
Keywords: Sound absorption, Tree bark, Impedance tube

1. INTRODUCTION
Scattering of sound waves by trunks contributes largely to the noise reduction of tree belts, and it 

has been shown before that also the absorbing properties of the trunks are relevant in this respect. 
While absorption by plants did receive quite some attention before (1, 2, 7), research on bark 
absorption is very limited.

In his pioneering work, Reethof (3) measured the absorption coefficient of a few tree bark samples 
in the impedance tube. His main conclusions were that the absorption is rather frequency independent 
in the range of frequencies covered. Some species gave significant higher absorption values. 

However, these were only exploratory measurements, and no further analysis was made to reveal 
what parameters could potentially predict tree stem absorption. Since this study dates already from 
the 70’s, and no further attention has been paid to acoustically characterize tree bark, more extensive 
and systematic work is needed as will be initiated in this paper. 

Although the absorption of bark might be rather low, full-wave numerical simulations reported in 
Van Renterghem’s research (4) shows that even small variations can be relevant e.g. when looking at 
sound propagation through tree belts. Knowledge of the variation in bark absorption between species 
and their influencing parameters are therefore of interest to optimize sound attenuation by tree belt.

There are two main methods for measuring the sound absorption coefficient of a material : one is 
the reverberation chamber method, and the other one is the impedance tube method. Both have been 
used before to acoustically characterize plant material. Horoshenkov (1) used an impedance tube to 
test the sound absorption coefficient of five different types of low growing plants with and without 
soil. It was found that the absorption coefficient of plants is mainly influenced by the density of the 
leaf area and the leaf main orientation angle. He also showed that there is an interaction between 
plants and the soil: for heavy-density clay base soil, the absorption in combination with plants 
significantly increased compared to bare soil. For low-density substratum soil, this interaction is much 
less pronounced. Yang (2) carried out measurements in a reverberation chamber to test random 
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incidence absorption of plants. In the mid frequencies, the absorption coefficient of top soil increased 
approximately with 0.2 in case of plant cover. Near 2000 Hz, there was no obvious relationship 
between absorption and plant cover, and the absorption decreased by about 0.1 when the vegetation 
cover increased at higher frequency.

In the current work, the impedance tube technique has been used to measure the absorption of bark 
samples, similar to Reethof. In contrast to the reverberation chamber method, the absorption at normal 
incidence is then measured.

2. METHODOLOGY

2.1 Experimental Setting
The diameter of the impedance tube was 100 mm, yielding a maximum frequency of 1.5 kHz at 

which absorption can be measured. A two microphone technique was used, and phase errors were 
minimized by microphone swapping. The benefits of this specific procedure were shown before in 
Chung’s research (5, 6). 

The effect of the necessary thickness of the sample was first tested.  We started off with a thickness 
of the wood sample of about 5 cm, while the bark itself is about 1cm. The wood behind the bark has 
been cut from 4 cm to 2 cm in different steps. Above 2cm there was no statistically significant effect 
on the absorption. 

To prevent the circumferential gap problem, it has been ensured that each sample was well sealed 
by the use of plasticine. Each sample was put several times in place (and re-sealed) to check the 
reproducibility of this rather uncommon sample handling (see Fig.1). Variance analysis shows that the 
repetitions are not significantly different. Before and after each measurement, the absorption of the 
empty tube was measured to ensure correct measurements in this low absorption range. 

In this study, from each trunk cross section, four cylindrical samples from different orientation 
along its circumference were made including about 2cm of wood behind the bark.

Fig.1 The results for repeat measurements 

2.2 Plant Selection 
In this study, six species were selected. Table 1 shows the basic characteristics of these species. 

For the bark classification, Bertrand’s (7) research shows a method used to recognize species based 
on visual bark texture criteria. The tree bark samples can be divided into seven types namely “smooth”, 
“lenticels”, “furrows”, “ridges”, “cracks”, “scales” and “strips”.

Table 1 Characteristics of 6 plant species

Species
Photos

Type Age
Diameter of 

trunk(cm)

Thickness of bark

1 2 3 4 1 2 3 4

Acacia A Ridges 34 20.50 1.50 1.20 1.90 1.50

Walnut B Furrows 20 22.40 1.30 1.10 1.10 1.05

Cherry C Lenticels 30 25.00 1.50 1.20 1.40 1.60
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Birch D Cracks 32 24.40 1.30 1.40 1.35 1.60

Poplar E Lenticels 26 22.90 1.40 1.50 1.40 1.20

Willow F Furrows 14 24.60 1.30 1.10 1.10 1.00

2.3 Data Extraction 
Given the impedance tube diameter and the distance between the microphones, the result can be 

used in the frequency range of 150 Hz to 1500 Hz. The data was processed to one-third octave band 
averaged absorption values. In this study, for each trunk, the reported value is the average from the 
absorption coefficient of four cylindrical samples cut along the circumference of the trunk. In addition, 
each bark sample was measured four times including repositioning and resealing in the impedance 
tube.  

3. Results

3.1 Absorption of bark
The results show that the tree barks considered in this work have a rather low absorption and only 

small differences can be found in between the different species. As Fig.2 shows, the absorption of tree 
barks are near 0.02-0.04, while there is no clear frequency dependence. 

Fig.2 Absorption Coefficient for 6 plants
A three-way ANOVA analysis showed that the plant species and taking different bark samples at 

other parts along the trunk circumference are statistically significant effects, while the repeated 
repositioning of the same sample had no significant effect on the measurement results. Plant species 
had statistically significant effect on bark absorption coefficient for all one-third octave band in the 
frequency range of 150 Hz to 1500 Hz. Figure 3 shows the differences between the four samples of 
each trunk cross section. Note that the bark thicknesses can be different.
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BarkA BarkB

BarkC BarkD

BarkE                                 BarkF

Fig. 3 The absorption coefficient of 4 bark samples taken at different positions along the trunk 

circumference, for the 6 species considered.

3.2 Factors influencing absorption
There are potentially multiple factors that can influence the sound absorption by tree bark. It could 

be of practical use to predict this absorption based on common characteristics like e.g. thickness of 
the bark, age, trunk diameter or bark roughness. The shape index (8, 9) was used to characterize the 
roughness of the bark; the closer this value is to 1, the better the bark cross section approaches a circle. 
Fig. 4 shows the bark roughness of the six trees considered.

Fig. 4 The roughness of barks
Table 2 shows the correlation between a number of selected bark properties and the averaged 

absorption. Significant factors are the thickness of bark, tree age, diameter of the trunk and bark 
roughness. Except for the diameter of the trunk, these factors are positively correlated with the 
(averaged) absorption coefficient. Tree age is the best predictor for the absorption coefficient. Note, 
however, that these factors are not independent. 

Table 2 Correlation between bark properties and absorption

Thickness of bark, 

Ti(cm)

Age,

Ai

Diameter of trunk, 

Di(cm)

Bark roughness, 

Ri

Absorption coefficient 0.533* 0.671** -0.395* 0.521**
** Significantly correlated at the 0.01 level (both sides)
* Significantly correlated at the 0.05 level (both sides)
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Multiple linear regression showed that the averaged absorption coefficient  in the frequency 
range 500-1600Hz for a bark can be predicted from the following expression:

αi= 0.029255 Ri -0.0026156 Di+ 0.057638, (R2=0.486, F-statistics p=0.009) (1)
with  the bark roughness and  the diameter of trunk. The absorption coefficient reduces with 

trunk diameter and increases with bark roughness. The effect of diameter could be caused by a 
deficiency in the way of measuring – smaller trunk diameters could have lead to a larger absorbing 
surface in the tube since it deviates more from a fully flat surface.

3.3 Moss-grown samples
The surface of barks are easily grown in forest stands. A sample has been tested where a part of 

the bark was grown with moss. As Fig. 5 shows, Bark1is the sample with moss on the surface, which 
has higher absorption than the other parts of the trunk circumference. This increased absorption is 
mainly found in the lower frequency range. Although the absorption of bark with moss increases, 
values stay below 0.1.

Fig. 5 The difference of absorption between bark with moss and without moss

3.4 Sample age
During the first 30 days after sample collection in the field, bark F was sealed in plastic to prevent 

water loss. Afterwards, the sample was allowed to dry in the air. Figure 6 shows the absorption 
coefficient of bark F at different moments. It can be seen that there is not much difference in absorption 
after 5 and 20 days. Afterwards, the absorption decreased slightly, which is most likely to be related 
to the reduction in bark thickness.

Fig. 6 The influence of sample age on bark F’s absorption

4. CONCLUSIONS AND FURTHER WORK
Although the absorption of these six species is less than 0.1, statistically significant differences 
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can be found in between species. Bark thickness, tree age, trunk diameter and bark roughness can be 
correlated with the absorption. Based on a multiple linear regression, bark roughness is the factor that 
was retained, together with trunk diameter. The latter is potentially a deficiency by measuring in the 
impedance tube. 

In this study, all six species come from deciduous trees. Future work should include coniferous 
trees. In addition, other characteristics of the bark should be included to analyze the influencing 
factors. 
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Influence of self-oscillating trailing edge flaplets on turbulent boundary layer
– trailing edge noise.

Edward TALBOYS(1), Thomas F. GEYER(2), Christoph BRÜCKER(1)

(1)City, University of London, United Kingdom, edward.talboys.1@city.ac.uk / christoph.bruecker@city.ac.uk
(2)Brandenburg University of Technology, Germany, thomas.geyer@b-tu.de

Abstract
The aeroacoustics of a tripped NACA0012 aerofoil with an array of self-oscillating flexible flaplets attached
to the trailing edge at low to moderate Reynolds number and at geometric angles of attack αg = 0◦− 20◦ is
investigated. A low frequency noise reduction occurs at a chord based Strouhal number of 2 – 3 across all
Reynolds number and angles of attack. With maximum reductions reaching up to 8 dB within the Strouhal
number range. This reduction is proposed to be due to a modification of the instabilities in the shear layer by the
self-oscillating flaplets. A slight increase in noise level is seen at higher frequencies, however once the overall
sound pressure level is calculated there is still a net overall reduction.
Keywords: Passive oscillators, aeroacoustics, trailing edge flaplets, fluid structure interaction

1 INTRODUCTION
Bio-mimicking is a topic of increasing interest within the aeroacoustic community, where many different strate-
gies have been tested and implemented in order to reduced perceived noise levels from either aircraft, wind
turbines or compressors; to name a few examples. Many of these strategies are inspired from the well-known
‘silent’ flight of the owl [7]. Geyer et al. [6] investigated a wide range of aerofoils with different porosities,
inspired from the ‘soft downy feathers’ of the owl. They showed that even a small porosity showed already an
aeroacoustic benefit in the low to mid frequency range, of which effect increases with increasing porosity, even
in some cases reaching up to 10 dB broadband noise reduction.
Another owl-inspired technique uses trailing edge brushes or serrations, mimicking the characteristic trailing
edge structure formed by the feathers of owls. Brushes have been observed to reduce noise in the high-
frequency range 2–16 kHz [8], probably affecting mostly the broadband noise of the turbulent boundary layer
interacting with the trailing edge. Finez et al. [4] could show that the spanwise coherence of the shed vortices
in the wake behind the trailing edge is reduced by 25% in the presence of brushes. Serrations have been ex-
tensively researched in both the laminar boundary layer case [2] and turbulent boundary layer case [1]. Their
mechanism in noise reduction is - similar to the brushes - through the reduction of spanwise coherence in the
shed vortices. Studies with a single flexible flap at the trailing edge were investigated by Schlander and Sand-
berg [15]. They carried out a DNS study on a flat plate with an elastic compliant trailing edge and found an
aeroacoustic benefit at low and medium frequencies with an increased noise level at the Eigen frequency of the
material. These results were confirmed later by Das et al. [3] in an experimental investigation using a similar
arrangement to Schlander and Sandberg [15]. Active oscillations of a trailing edge flap were studied by Jodin
et al. [9]. Their investigation was focused on the wake structure and it was observed that the wake could be
reduced in thickness by as much as 10%.
In the present study, a novel configuration of a flexible trailing edge is used, consisting of an array of individual
elastic flaplets mimicking the tips of bird feathers aligned along the span of the wing. This type of trailing edge
modification with arrays of individual mechanical oscillators in form of elastic flaps has thus far only studied by
the authors [11, 10, 5]. Attached to the trailing edge of a NACA 0010 aerofoil, the rows of individual silicone
flaplets clearly showed a reduction in tonal noise [10]. A follow-up study on the flow modification by this
type of trailing edge was done by Talboys and Brücker [17] and demonstrated aerodynamic advantages as well.
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(a) Schematic display of the measurement setup (plan view) (b) Photo of the NACA 0012 aerofoil with the flaplets ad-
hered on the trailing edge.

Figure 1. Experimental set-up

Table 1. Flaplet Dimension and Material Properties

Length (L) Width (s) Inter
spacing (d) Thickness Density Young’s

Modulus
Eigen

frequency
20 mm 5 mm 1 mm 180 µm 1440 kg/m3 3.12 GPa 107 Hz

Detailed High-Speed PIV measurements, coupled with simultaneous motion recordings of the flap tips, prove
a stabilisation mechanism of the flaps on the boundary layer on the suction side. A lock-in was triggered by
tuning the fundamental frequency of the structural bending mode of the oscillator to match with the fundamental
frequency of the shear-layer on the suction side, forming regular vortex rollers in the boundary layer. This lock-
in delays the growth of non-linear instabilities such as the merging of the rollers, beneficially affecting also the
overall aerodynamic performance. A detailed aeroacoustic study was then carried out by Talboys et al. [18],
where an untripped NACA0012 aerofoil was tested with the flaplets placed on the pressure and suction sides
of the aerofoil separately, across a large range of Reynolds number and angles of attack. It was observed that
when the flaplets were placed on the pressure side of the aerofoil, the laminar separation bubble was seemingly
modified, due to the severe reduction in the tonal noise components of the acoustic spectra. When the flaplets
were on the suction side of the aerofoil, a reduction was still seen.

2 EXPERIMENTAL ARRANGEMENT
The aerofoil used for the present study was a NACA 0012, with a chord (c) of 0.2 m and a span of 0.28 m.
The model was 3D printed giving the aerofoil a trailing edge bluntness of 0.5 mm with a solid angle of
16◦. The aerofoil had a boundary layer trip placed at 0.1c, such that the boundary layer was turbulent. The
flexible trailing edge flaplets were manufactured, using a laser cutter, from a thin polyester film (see table 1 for
dimensions and material properties). The flaplets were attached to the aerofoil using a thin strip of double sided
tape, and placed such that the free ends were orientated downstream at 1.1c, allowing them to freely oscillate
at their Eigen frequency in the flow field. The Eigen frequency was determined to be 107 Hz in a previous
study [17], using cantilever beam theory.
Acoustic measurements took place in the small aeroacoustic open jet wind tunnel [14] at the Brandenburg
University of Technology in Cottbus, with a setup similar to that used in [6]. The wind tunnel was equipped
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with a circular nozzle with a contraction ratio of 16 and an exit diameter b of 0.2 m. With this nozzle, the
maximum flow speed is in the order of 90 m/s and at 50 m/s, the turbulence intensity in front of the nozzle
is below 0.1 %. For the present study the chord based Reynolds number was varied from 94,000 – 384,000
and the geometric angle of attack, αg, was varied from αg = 0◦ to 20◦. During measurements, the wind tunnel
test section is surrounded by a chamber with absorbing walls on three sides, which lead to a quasi anechoic
environment for frequencies above 125 Hz.
The acoustic measurements were performed using a planar microphone array, consisting of 56 1/4th inch mi-
crophone capsules flush mounted into an aluminium plate with dimensions of 1.5 m × 1.5 m (see [12]). The
microphone layout is included in Fig. 1a. The aperture of the array is 1.3 m. The array was positioned out of
the flow, in a distance of 0.71 m above the aerofoil.
Data from the 56 microphones were recorded with a sampling frequency of 51.2 kHz and a duration of 60 s
using a National Instruments 24 Bit multichannel measurement system. To account for the refraction of sound
at the wind tunnel shear layer, a correction method was applied that is based on ray tracing [13]. The resulting
microphone auto spectra and cross spectra were averaged to yield the cross spectral matrix. This matrix was
further processed using the CLEAN-SC deconvolution beamforming algorithm proposed by Sijtsma [16], which
was applied to a two-dimensional focus grid parallel to the array and aligned with the aerofoil.
The resulting sound pressures were then converted to sound pressure levels Lp re 20 µPa and 6 dB were
subtracted to account for the reflection at the rigid microphone array plate.

3 RESULTS
Figure 2 shows the far field acoustic spectra, in third octave bands, for all of the test cases. For clarity,
each Reynolds number test is spaced with a 20 dB increment from the previous test case. The corresponding
Reynolds number can be seen adjacent to the spectra on the secondary axis. At αg = 0◦, Fig. 2a, an
interesting noise reduction can be seen in the lower frequency range (∼0.1 – 0.4 kHz). The frequency at which
this reduction occurs at, increases with Reynolds number (the scaling of which will be discussed with Figures
3 and 4). Another observation is that a gain noise level at high frequency is observed for all Rec. When
the angle of attack (αg) is increased the low frequency benefits are still present but are reduced. The gain in
the high frequency noise is also present and increases with αg. These two features of the acoustic spectra,
low frequency noise reduction and high frequency gain, has also been seen in a previous study; however in
that study the boundary layer was laminar (not tripped) [18]. The findings here give further evidence to the
conclusion of Talboys et al. [18] where they concluded that these differences were due to a modification of
the shear layer instability on the suction side of the aerofoil by the flaplets. It should be noted here that at
Reynolds numbers < 121,000 at αg = 10◦, Fig. 2b, a peak can be observed at ∼ 300 Hz. This is believed to
be due to the relaminarisation of the boundary layer which in turn leads to the formation of laminar boundary
layer tonal noise. This in itself is an interesting result as it could further confirm that the flaplets stabilise the
boundary layer, as was seen in [17], as such promoting relaminarisation by locking into with the fundamental
instabilities within the boundary layer and dampening out the non-linear instabilities.
A common scaling factor that is used when investigating trailing edge noise is the fifth power of the Mach num-
ber (Eqn. 1) and was first proposed in the theoretical study of Ffowcs Williams and Hall [19]. Figure 3 shows
all of the test cases once they have been scaled and plotted against their respective chord based Strouhal num-
ber. The scaling works well across all Reynolds number and angles of attack. Between the Strouhal numbers
of 1 and 5, the low frequency reduction can be clearly seen and at Strouhal number >20, the high frequency
increase is also observed.

L∗p = Lp−10 log10(M
5) (1)

∆L∗p = L∗p, ref.−L∗p, flaplets (2)
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Figure 2. Comparison of the third octave sound pressure level (Lp-1/3) between the baseline aerofoil and when
the flaplets are attached. Each chord based Reynolds number has had an offset of 20 dB to the previous test
case for clarity. The Reynolds number of the test case can be seen on the second axis, adjacent to the spectra.
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chord based Strouhal number. Points which are shaded in red indicate the cases with the flaplets and black are
the reference case.
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Figure 4. Difference in scaled Lp, between flaplets and reference case. The transparency of the points indicates
the Reynolds number, a darker point represents a higher Reynolds number and a lighter is a lower one.

When subtracting the two scaled cases from each other, Eqn. 2, the differences become much more obvious
(Figure 4). A negative value of ∆L∗p indicates a reduction in noise level, conversely a positive value means an
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Figure 5. Overall sound pressure levels for the reference cases and with the attached flaplets. ∆OSPL has been
plotted on the second axis to yield a clear indication of the difference at each Reynolds number. The zero line
on the ∆OSPL axis is shown as ( )

increase. At αg = 0◦, the test data collapse well on top of each other, very clearly showing the reduction and
increase in noise levels at certain frequency bands, as previously discussed. The average maximum reduction
is approximately 6 – 8 dB which occurs between a Strouhal number range of 2 – 3. Therefore, using this
parameter, the frequency range at which the noise reduction occurs at can be calculated for a given Reynolds
number. When the angle is increased the points start to become less correlated from one another, especially
once the Strouhal number increases past 5. The noise reduction does still stay within the Strouhal number
range of 2 – 4, albeit reduced, as seen in Fig.2.
To quantify the overall effect of the flaplets the overall sound pressure level has been calculated for the reference
and flaplet case at each of the increments in Reynolds number. An indication of the magnitude in difference
between the two aerofoils can be seen from the second axis (∆OSPL). Figure 5a, shows that for all tested
cases there is a noise reduction despite the higher frequency increase seen in Fig.2a and 4a. From the lowest
Reynolds number (98,000) till Rec = 172,000 there is an almost constant net reduction which is of the order
2 dB. As Rec increases further the benefit approaches zero. This is thought to be due to the Eigen frequency
of the flaplets being too low for the expected shedding frequency of the vortices, hence their benefit starts to
become negligible. At αg = 10◦ (Fig.5b), the relaminarisation of the boundary layer can once again be seen
to have a negative effect on the acoustics. This can be seen as a sharp increase from Rec=108,000 – 121,000.
However after this point the flaplets show a slight benefit, before again converging to the same OSPL as the
reference case. Increasing the angle further (Fig.5c and 5d), more or less yields an overall negligible impact on
the OSPL.
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4 CONCLUSIONS
This study builds off from the recent study by Talboys et al. [18] on the acoustic effect of the trailing edge
flaplets when the aerofoil is subjected to a laminar boundary layer. The same low frequency benefits and high
frequency increase is seen herein, and gives more indication that this effect is due to the shear layer stabilisation.
At αg = 10◦ and at low Reynolds number, the flaplets seemingly cause the boundary layer to relaminarise by
dampening out the non-linear instabilities in the boundary layer (as seen by Talboys and Brücker [17]). A chord
based Strouhal number range of 2 – 3 has been identified to be the range in which the maximum reduction
occurs. This shows that for the current flaplet arrangement, this band of Strouhal numbers can be specifically
targeted. Further investigations in order to fully quantify this effect with different flaplet properties is currently
be carried out by the authors.
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Abstract
We study the aeroacoustic problem of a flapping airfoil in a high-Reynolds and low-Mach regime, and propose
novel means to reduce the far-field sound originated by the fluid-structure interaction. The present model con-
sists of a two-dimensional, elastic airfoil, periodically actuated at the leading edge. The near-field is analyzed
using thin airfoil theory, and a discrete-vortex wake-model. The derived airfoil motion and wake dynamics are
then introduced as a source term to Powell-Howe’s acoustic analogy, to project the sound towards a distant ob-
server. Considering the elastic flapping configuration, we seek optimal material properties and a linear thickness
distribution to reduce the sound of an otherwise rigid airfoil while retaining the lift amplitude of the rigid con-
figuration. To this end, the aeroacoustic model is introduced into an optimization scheme, yielding an effective
Pareto front, reflecting the trade-off between the competing objectives of lower sound levels and aerodynamic
efficiency. Compared with the rigid heaving airfoil, over 10 [dB] sound reduction was obtained for the opti-
mal flexible configuration with linear thickness distributions, producing the same lift amplitude. The optimal
configurations are obtained by time shifting the motion- and wake-dipoles to antiphase mode, thus mitigating
the total radiated sound, while keeping the lift-amplitude value. The opposing sound dipoles follow from the
synchronized disposition of the airfoils’ motion and circulation signals.

Keywords: Vortex sound, Optimization, Airfoil noise, Flapping noise, Vibro-acoustics

Introduction
The canonical fluid-structure interaction problem involving a flapping flexible sheet (flag, airfoil, sail, etc.) im-

mersed in a uniform flow, is analyzed in the present work in an attempt to study novel means to mitigate the

associated far-field noise. In general, the unsteady filament motion, and the interaction between the surface and

wake vorticity, give rise to acoustic pressure-waves which then radiate as sound (1). In line with the ongoing

interest in controlling noise generated aerodynamically by airborne vehicles (2), for both civil and military ap-

plications, the study of far-field sound originating from unsteady surface motion, plays a key role.

The associated noise problem of flapping elastic sheets was recently studied in theoretical works which exam-

ined the sound radiation of rigid and flexible airfoils in unsteady motion and flow conditions (3, 4). Inspired by

owls “silent flight” technology (5), incorporating non-uniform geometry and elastic properties as a methodology

for noise reduction, Weidenfeld and Manela (6) studied the role of airoil’s permeability in reducing flapping

noise. Their results reveal the negating effect of the opposing seepage- and motion-dipoles, on the total sound

radiation.

In the context of flapping-wings noise, variable geometry and mass distribution is often considered, and intro-

duced into various optimization schemes (7, 8), where a Pareto front of best possible designs is sought. The

objective of the present work is to investigate means to control and reduce the sound of a flapping elastic

filament, with regards to the aerodynamic performance, by varying geometry and structural features along the

chord. To this end, we consider a two-dimensional setup of a thin elastic airfoil, periodically actuated at the

upstream leading-edge, and free at the downstream trailing-edge. The near-field description includes a discrete-

wake model, and the far-field acoustics is obtained via Powell-Howe acoustic analogy (1), valid for low-Mach

and high-Reynolds number flow regime as is considered in the present work. Considering this setup, an opti-

mization problem is formulated and a Pareto-optimal solution is obtained.
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Problem formulation

Figure 1. Problem schematics: An elastic airfoil immersed in a uniform flow and actuated at the leading edge

by small amplitude heaving motion. The model includes trailing edge wake shedding in the form of discrete

point vortices with negative (red) and positive (blue) circulations.

The problem schematics is shown in figure 1. An inextensible, thin flexible airfoil extending over the interval

−a ≤ x1 ≤ a is immersed in a uniform flow of mean density ρ0 with velocity U in the x1-direction. The

structure has a span L in the x3-direction and thickness distribution σ(x1) with max(σ)� a � L such that the

airfoil motion may be regarded two-dimensional in the x1x2-plane. At t ≥ 0 leading-edge sinusoidal heaving

actuation is applied,

ξ (x1 =−a) = εhasin(ωht). (1)

Here, ξ (x1, t) marks the filament displacement in the x2 direction, εh � 1 the scaled heaving amplitude (here-

after, overbars marks non-dimensional quantities), and ωh denotes the heaving frequency. The displacement

ξ (x1, t) is governed by the linear Euler-Bernoulli’s beam equation

ρs(x1)
∂ 2ξ
∂ t2

+
∂ 2

∂x2
1

(
B(x1)

∂ 2ξ
∂x2

1

)
=−Δp(x1, t). (2)

In (2), ρs(x1) and B(x1) mark the mass per unit area and bending rigidity chord-wise distributions, in units

[kg/m2] and [N·m], respectively. For a uniform structure in the x3 direction, these properties are given by

ρs(x1) = ρmσ(x1), (3)

B(x1) = Eσ3(x1)/12. (4)

In (3)-(4), ρm is the material density, and E is Young’s modulus. Assuming high Reynolds and low Mach

conditions, and a small amplitude motion induced by the leading-edge heaving, the flow is regarded potential,

and thin airfoil theory approximation is applied. At the small amplitude motion and induced angles of attack,

the flow is considered attached throughout the airfoil and so vorticity is released continuously from the trailing

edge. The present wake model consists of discrete line vortices, where at each time step t = nΔt, a new vortex

is formed and placed adjacent to the instantaneous trailing edge position (x1,x2) = (a+UΔt,ξ (a, t)). The vortex

strength Γk is fixed by Kelvin’s theorem and the instantaneous airfoil circulation, and its trajectory follows from

the potential flow computation.

Aeroacoustic scheme
The entire aeroacoustic problem is described in details by Weidenfeld et al. (9) and a short summary is given

here, for brevity. As follows from thin airfoil theory, the airfoil is represented by its circulation distribution
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along the chord γ(x1, t). Turning to complex notation, z = x1 + ix2 represents location on the complex z-plane

and W (z) marks the conjugate velocity flow field derived from the potential theory. The airfoil impermeability

condition is then given by
∂ξ
∂ t

+U
∂ξ
∂x1

=− Im{W (z)|−a≤x1≤a} . (5)

The pressure jump Δp = p+− p− across the airfoil, appearing on the right-hand side of (2), marks the fluid

loading owing to the lower (p−) and upper (p+) surface pressure difference, and is related to the airfoil circu-

lation γ(x1, t) via the unsteady Bernoulli’s equation

Δp(x1, t) = ρ0Uγ(x1, t)+ρ0
∂
∂ t

∫ x1

−a
γ(s, t)ds. (6)

Wake vortices dynamics is coupled to the system through the right-hand side of the impermeability condition

(5). In addition, Kelvin’s theorem is imposed

ΓN =−
n−1

∑
k=1

Γk −
∫ a

−a
γ(x1, t)dx1, (7)

ensuring the system total circulation vanishes at all times, and fixing the strength of the recently shed vortex

ΓN . To complete the formulation of the problem and set regular flow along the airfoil surface and finite velocity

at the trailing edge, we apply the unsteady Kutta condition, fixing the vanishing trailing edge circulation. In

line with the equation of motion (2), and free-end condition at x1 = a, the well imposed problem consists of

the four boundary condition

ξ (−a, t) = εhasin(ωht),
(

∂ξ
∂x1

)
(−a,t)

= 0,

(
∂ 2ξ
∂x2

1

)
(a,t)

= 0,

(
∂ 3ξ
∂x3

1

)
(a,t)

= 0, (8)

and accompanied by the homogeneous initial state of the airfoil at t = 0.

Having formulated the near-field problem, we now turn to the acoustic radiation scheme in which the former

serves as an effective “source term” to be radiated to the far-field. In the present low-Mach and high-Reynolds

flow regime, the acoustic pressure is governed by the linear inhomogeneous wave equation (1)(
1

c2
0

∂ 2

∂ t2
−∇2

)
p = ρ0

∂ 2ξ
∂ t2

δ ( fa)+ρ0∇ · (Ω×v) , (9)

where c0 marks the mean speed of sound, v is the fluid velocity, δ is the Dirac delta function and the function

fa = fa(x, t) vanishes on the airfoil surface. The vorticity field, denoted by Ω is given by the sum of all wake

vortices circulation

Ω = x̂3

n

∑
k=1

Γkδ
(
x−xΓk(t)

)
. (10)

In (10), xΓk(t) marks the instantaneous k-th vortex location, and the hat denotes a unit vector. The total acoustic

pressure is decomposed into the sum of motion (pξ ) and wake (pw) dipole contributions,

ptot(x, t) = pξ (x, t)+ pw(x, t), (11)

where

pξ (x, t) =
ρ0 cosθ

2π
√

2c0 |x|
∂
∂ t

∫ tr

−∞

dτ√
tr − τ

∫ a

−a

√
a2 − y2

1

∂ 2ξ
∂τ2

(y1,τ)dy1, (12)

pw(x, t) =
n

∑
k=1

ρ0Γk

2π
√

2c0 |x|
∂
∂ t

⎛
⎝sinθ

∫ tr

−∞

V (2)
Γk

(τ)dτ√
tr − τ

−cosθ
∫ tr

−∞

dτ√
tr − τ

(
V (1)

Γk
(τ)

∂Y2

∂y2
−V (1)

Γk
(τ)

∂Y2

∂y1

)
xΓk (τ)

)
. (13)
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In (12)-(13), V ( j)
Γk

marks the k-th vortex velocity component in the x j-direction. The angle θ specifies the far-

field observer’s inclination, measured clockwise from the x2-axis. Accordingly, the lift and suction dipoles are

identified as the terms involving the cosθ = x2/ |x|, and sinθ = x1/ |x|, respectively.

We focus on acoustic wavelengths λ0 far larger than the airfoil chord λ0 � a, which equivalently specifies

ω0M � 1, where ω0 = ω0a/U is the reduced acoustic frequency. In line with the low Mach number working

frame, this confines the analysis to low-moderate acoustic frequencies satisfying ω0 � 1/M, and allowing the

application of compact scheme using the two-dimensional compact Green’s function (1), introduced into equa-

tions (12)-(13).

Before proceeding and for future reference we introduce the total acoustic lift dipole (θ = 0)

pLift
tot (x2, t) = ptot(x1 = 0,x2, t) = pξ (x1 = 0,x2, t)+ pw(x1 = 0,x2, t) (14)

Optimization scheme
Consider a rigid heaving airfoil, producing unsteady lift with amplitude ‖L‖rigid, and radiating sound to a distant

observer in the x2-direction with amplitude ‖ptot‖rigid, where the norm sign ‖x‖ denotes the maximum norm

of the variable x, throughout the paper. We seek an alternate elastic, non-homogeneous airfoil, with optimal

thickness distribution along the chord, to minimize the amplitude of the far-field acoustic lift dipole without

compromising on the rigid airfoil’s lift amplitude. Accordingly, The optimization problem is given by

minimize ‖pLift
tot ‖, (15a)

withrespect to σ(x1), ρm, E, (15b)

subject to ‖L‖ ≥ ‖L‖rigid (±33%), (15c)

where the cost function is the lift dipole amplitude, the input variables are the airfoil thickness distribution, ma-

terial density, and the Young modulus, and the minimization is subjected to a minimum lift amplitude constraint

with a 33% tolerance for faster convergence and to obtain a sufficiently wide Pareto Front. The optimization

process is executed using the modeFRONTIER R© software (10), and involves a mixed-strategies practice, in

which three methods are combined consecutively: the evolutionary MOGA-II (11), the heuristic Nelder & Mead

Simplex (12), and the gradient based NLPQLP method (13). The genetic search is the process through which

the a Pareto front materializes. The Simplex and gradient based search are then used to fine-tune a design

around a specific constraint value.

Scaling and numerical procedure
The problem outlined hitherto, consists of the near- and far-field descriptions and the optimization framework.

We now proceed and devise the non-dimensional form of the problem using a, U , a/U , ρ0U2, and 2πaU
as reference quantities for the length, velocity, time, pressure and vortices circulation, respectively. The non-

dimensional quantities, marked by overbars, governing the aeroacoustic problem are

ρ =
ρm

ρ0
, E =

E
12ρ0U2

, σ(x1) =
σ(x1)

a
, L(t) =

L(t)
ρ0U2a

, (16)

denoting the material to air density ratio, normalized elasticity, thickness ratio, and the normalized lift force,

respectively. Applying the same scaling to the acoustic problem (equations (12), (13), and (11)), the non-

dimensional acoustic pressure takes the form

ptot(x, t) =

√
M

8 |x|πtot =

√
M

8 |x|
(
πξ (tr)+πw(tr)

)
, (17)
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where πξ , and πw represent the acoustic motion- and wake- “kernels”, respectively. In addition, the coupled

dynamical-acoustic problem is further governed by

εh, ωh =
a
U

ωh, θ = arccos

(
x2

|x|
)

(18)

marking the scaled heaving amplitude and angular frequency, and the observer far-field directivity, respectively.

The scaled optimization problem is then specified by

minimize ‖πLift
tot ‖, (19a)

withrespect to σ(x1), ρ, E, (19b)

subject to ‖L‖ ≥ ‖L‖rigid (±33%), (19c)

In all cases considered, the heaving amplitude and angular frequency were fixed by εh = 0.01, and ωh = 1 in

accordance with the small amplitude motion and attached flow throughout the airfoil assumptions, set in Sec.

3. In the present setup, only combinations leading to the system’s periodic state are considered. The numerical

procedure requires discretization in both space and time. Thus the airfoil circulation distribution γ(x1, t) is

decomposed into Nγ = 100 discrete vortices, and the time step is set to π/65, which proved sufficient for

convergence. The system of equations was integrated using Euler’s explicit method for 8 heaving cycles, unless

divergence was detected first, originating from unstable parameters combination. We focus on linear thickness

distribution of following form

σ(x1) = β1x1 +β0, (20)

and begin by seeking first an optimal elastic structure whose thickness is uniform throughout the chord (β1 = 0).

We then move on to a structure whose thickness varies linearly along the chord.

Results
6.1 Uniform thickness distribution
In the present section we seek a heaving elastic filament with uniform thickness which produces the same lift

amplitude as it’s rigid counterpart and radiates lower sound levels to a far-field observer. All far-field results

are given in the lift dipole direction and so the πLift superscript is omitted from all dipoles for brevity. Figure

(2) presents a scatter map relating the sound reduction with respect to the rigid case (vertical axis), and the

lift amplitude ratio (horizontal axis). The blue markers represent all feasible configurations (satisfying the lift

amplitude constraints), and the red markers represent the discrete Pareto front. The horizontal dashed line marks

zero sound reduction, and the vertical dashed line marks the rigid setup lift amplitude. The uniform thickness

distribution results, identified by the square markers, indicate that no stable elastic configuration of uniform

thickness produces lower sound levels without an aerodynamic compromise. A minor sound reduction of about

∼ 2 [dB] is obtained for the substantial cost of a 33% in lift amplitude. We therefore proceed to examine

variable thickness configurations, starting with a linear distribution.

6.2 Linear thickness distribution
By linearly varying the airfoil thickness along the chord, numerous configurations are found to both reduce

sound levels and satisfy the lift amplitude constraint, as illustrated by the dot markers in figure (2). In figure

(2), the red dot markers represent the actual discrete Pareto front obtained from the optimization process, and

the solid curve is a suggested theoretical continuous front in the form of linear relation between the sound

reduction and lift amplitude ratio. In the uniform thickness case, there was no indication for such linear rela-

tion. Additionally, the results illustrated in figure (2), visualize the differences between the two Pareto fronts,

highlighting the radical improvement in sound reduction, simply by allowing the the airfoil thickness to vary

linearly along the chord.
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Figure 2. Scatter map of noise reduction (in [dB]) vs. lift ratio depicting real configurations (blue markers)

and the discrete Pareto front (red markers). Square markers represent uniform thickness distribution results, dots

represent linear thickness distribution results. The solid black line marks a theoretical Pareto front. The hori-

zontal dashed line marks zero sound reduction, and the vertical dashed line marks the rigid setup lift amplitude.

The dashed lines intersections mark the rigid configuration setup.

The optimal results are rationalized through the mechanism suggested in figures (3a)-(3c). All three figures

present the motion and wake lift-dipole contributions, along with the total lift kernel, obtained for the rigid

setup (3a), the optimal configuration satisfying ‖L‖ = ‖L‖rigid (3b), and the optimal configuration satisfying

‖L‖ = 0.67‖L‖rigid (3c). The optimal configurations clearly present similar trends, in figures (3b)-(3c), which

significantly differ from that of the rigid configuration in (3a). The results indicate that optimal configurations

are obtained when two conditions are met:

1. The motion dipole is similar in magnitude to that of the rigid case,

2. The motion and wake dipoles are in antiphase.

The motion sound reflects the unsteady forces exerted on the fluid by the airfoil motion, consequently, keeping

it’s magnitude similar to that of the rigid case, maintains the lift constraint. In addition, setting the motion and

wake dipoles in antiphase acts to mitigate the overall sound of the fluid-structure interaction.

Turning to the near-field dynamics, under the non-dimensional actuation frequency of ωh = 1, all Pareto designs

exhibit an airfoil motion resembling the first mode of a cantilever beam, as suggested by the deflection obtained

for the ‖L‖= ‖L‖rigid optimal results presented in figure (4a). Each point along the chord features a phase lag

with respect to the leading edge motion. To represent the entire beam, we may define an average beam motion

〈
ξ
〉
=

1

2

∫ 1

−1
ξ (x1, t)dx1. (21)

Recalling Kelvin’s theorem from eq. (7), the airfoil and wake circulations amount to zero, so that Γairfoil(t) =
−Γwake(t). Figure (4b) compares between the average beam motion and both circulation time-variations over a

period of motion for the ‖L‖ = ‖L‖rigid optimal design. The trends provide a complementary dynamical view

of the optimal results, suggesting that synchronizing the airfoil motion and circulation is required for ultimately

reducing far-field sound. It follows that the motion and wake-circulation are set to be in antiphase, which

then promotes the counterpart antiphased sound-dipoles leading to the desired “silent” outcome. Figure (4c)
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Figure 3. Sound components for three problem setups. (a) Rigid setup, (b) optimal configuration satisfying

‖L‖ = ‖L‖rigid, (c) optimal configuration satisfying ‖L‖ = 0.67‖L‖rigid. Three different curves mark the motion

dipole ( ), wake dipole ( ), and total sound dipole ( ).

presents the absolute phase-difference between average beam motion and wake-circulation (blue), and airfoil-

circulation (red), for all Pareto optimal results. The results reinforce the previous observation and indicate

that all Pareto results exhibit locked-in motion and airfoil-circulation signals, and antiphased motion and wake-

circulation signals.

Examining the geometry features, the results indicate that all Pareto-optimal designs share a negative slope
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Figure 4. Near field dynamics. (a) Airfoil instantaneous deflection at ξ (−1, t) = 0. The blue curve corresponds

to a downward accelerating airfoil, and the red curve corresponds to upward acceleration. (b) The solid red

curve represents the average airfoil motion
〈

ξ
〉

, the solid red curve represents the wake circulation, and the

dotted red curve represents the airfoil circulation. Results are plotted over a motion period for the ‖L‖= ‖L‖rigid

optimal design. (c) Blue curve marks the absolute phase-difference between average beam motion and wake-

circulation, and the red curve marks the absolute phase-difference between average beam motion and airfoil-

circulation. Both curves represent the Pareto-optimal results for linear thickness distribution and plotted for

various lift-constraint values.

resulting with a thicker leading edge and a thinner trailing edge, where the higher-lift designs feature smaller

slope values and the lower-lift designs are of slightly larger slopes.

Conclusion
In the present study we considered the effect of non-uniform thickness distribution on the sound radiation of an

elastic, leading-edge actuated, two-dimensional thin airfoil, in a low-Mach potential uniform flow. Using thin
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airfoil theory along with a discrete wake model, the near-field dynamics was obtained and introduced as an

effective dipole-type source term to the Powell-Howe acoustic analogy, to obtain the far-field sound.

The aeroacoustic setup, was then introduced into an optimization scheme where optimal material properties and

thickness distribution was sought. The objective was to minimize flapping sound with respect to a rigid heaving

configuration while retaining the rigid setup lift-amplitude value. It was found that uniform flags inefficiently

reduce sound in about ∼2 [dB], compared with the rigid airfoil, at the cost of 33% of the lift-amplitude.

In contrast, the optimal linear thickness configuration was found to reduce flapping sound in about ∼10 [dB]

compared with the rigid setup, while retaining the same lift amplitude. The Pareto front was found to exhibit

an approximated linear relation between sound reduction and lift-amplitude ratio, exhibiting a further substantial

sound reduction of up to ∼30 [dB] for smaller lift amplitude values.

The mechanism through which sound reduction is obtained for a specific lift-amplitude value is two-fold: (1)

The motion and wake dipoles are shifted to counteract each other and reduce the total sound emitted, (2) the

motion dipole, reflecting the unsteady forces excreted on the fluid by the airfoil motion, is fixed in magnitude

to the rigid setup value, thus maintaining the desired lift amplitude value. The antiphase merit between the two

sound dipoles was found to follow from phase-locking the airfoil motion and circulation.
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Abstract
The coupled interaction between an unsteady vortical flow and dynamics of an aerodynamic structure is a canon-
ical problem for which analytical studies have been typically restricted to either static or prescribed structural
motions. The present effort extends beyond these restrictions to include a Joukowski airfoil on elastic supports
and its aeroelastic influence on the incident vortex, where it is assumed that all vorticity in the flow field can be
represented by a collection of line vortices. An analytical model for the vortex motion and the unsteady fluid
forces on the airfoil is derived from inviscid potential flow, and the evolution of the unsteady airfoil wake is
governed by the Brown and Michael equation. The aerodynamic sound generated by the aeroelastic interaction
of an incident vortex, shed Brown-Michael vortices, and the moving airfoil is estimated for low-Mach-number
flows using the Powell-Howe acoustic analogy.

Keywords: Vortex sound, conformal mapping, Brown and Michael equation

1 INTRODUCTION
The encounter of a vortex gust with an aerodynamic body is a canonical fluid-structure interaction with impli-

cations for the prediction of transient loads on fliers and swimmers and their generation of vortex sound. For

theoretical analyses in particular, the representation of how vorticity is shed into the wake to satisfy the Kutta

condition at the trailing edge plays a crucial role in gust-airfoil interactions and related unsteady airfoil prob-

lems. An early model to account for the effect of vortex shedding of a delta wing was formulated by Brown

and Michael (1). Their model supposes that the vorticity shed from an edge rolls up via a connecting vortex

sheet into a point vortex with time-varying circulation. We refer to such vortices as Brown-Michael vortices,

whose circulation is set instantaneously to satisfy the Kutta condition. The Brown and Michael equation de-

scribes the motion of the vortex tethered to the trailing edge before it is released as a free vortex into the flow.

However, the original formulation does not guarantee the removal of spurious unbalanced couple on the airfoil,

which is of minor concern to the fluid dynamic problem but is important for aeroacoustic predictions based on

the model. Howe (2) later constructed an emended version of the Brown and Michael equation that eliminates

this unbalanced couple.

Previous analytical efforts to analyze gust-airfoil interactions are typically restricted to either static or prescribed

airfoil motion, with the exception of a few recent works (3, 4, 5). The present work extends to study the

dynamical problem and the aerodynamic sound problem of a gust vortex past by a Joukowski airfoil under

aeroelastic motions. The dynamical problem is formulated analytically and evaluated numerically using a time-

dependent conformal mapping. The Brown and Michael framework models the unsteady shedding of vorticity

from the airfoil into the wake, and the linear aeroelastic plunging motion of the airfoil is calculated using

unsteady airfoil theory.

The remainder of the paper is organized as follows. Section 2 outlines the model scenario and its dynamic for-

mulation studied previously by Chen and Jaworski (6) and presents the vortex sound model. Section 3 validates

the analytical/numerical framework against previous acoustic results for a stationary flat plate by Manela (4).

New results are then presented for the acoustic emission of a (non-flat) Joukowsky airfoil that is free to move

aeroelastically under the influence of the vortical field. Section 4 contains concluding remarks for this study.

604



∑

Figure 1. Schematic of the generalized model problem of an incident vortex interaction with a symmetric

Joukowski airfoil on elastic translational support in a uniform flow, where U is the flow speed and h(t) denotes

the displacement of the airfoil. The airfoil can be considered as a damped harmonic oscillator with mass m,

damping coefficient cd , and spring stiffness kh. Γ denotes the incident line vortex, and γn is the tethered

trailing-edge vortex whose motion is determined by the emended Brown and Michael equation. Σ is the set of

free vortices generated at the airfoil trailing edge due to unsteady airfoil loads in response to the incident line

vortex or the airfoil motion. The airfoil has zero angle of attack.

2 MATHEMATICAL FORMULATION
Figure 1 illustrates the model problem of a Joukowski airfoil on elastic supports in two-dimensional uniform

flow with an incident line vortex Γ and the vorticity field Σ shed into the wake. All vortices have positive

circulation in the anticlockwise direction. The strength of the trailing-edge vortex γn satisfies the Kutta condi-

tion, and its motion obeys the emended Brown and Michael equation (2). The mathematical formulation of the

aeroelastic system is now described.

2.1 Mapping
The conformal mapping of the Joukowski airfoil between the physical z-plane and the mapped ζ -plane is de-

scribed by

ζ (z) =
1

2

(
z+

√
z2 −4λ 2

)
− f0. (1)

Using Eq. (1), the Joukowski airfoil in the physical z-plane (z = x+ iy) with its trailing edge locating at (2λ ,0)
is mapped to a circle with radius r = 1 in the f -plane ( f = f1 + i f2), as shown in Fig. 2. Note the offset of

the circle center at f0 = fx0 + i fy0 and the corresponding trailing edge at (λ ,0). For the symmetric Joukowski

airfoils considered in this work, fy0 = 0. The unit circle in the f -plane is then shifted by an elementary mapping

to the origin in the ζ -plane.

When time-dependent airfoil motions are considered, Eq. (1) becomes

ζ (s) =
1

2

[
s(z, t)+

√
s2 −4λ 2

]
− f0, (2)

where s(z, t) = z− ih(t). The airfoil displacement h(t) may be either prescribed or be part of the solution, as in

the case of aeroelastic airfoil motions.
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ζ

ζ

Figure 2. Successive mappings of a generalized Joukowski airfoil in the physical z-plane to a unit circle centered

at the origin in the ζ -plane, T is the trailing edge location. The trailing-edge position through the successive

mappings is indicated by the red dot.

2.2 Flow complex potential
The complex potential of the flow is

w(ζ ) = wγ +wΓ +wh +U
(

ζ + f0 +
λ 2

ζ + f0

)
, (3)

where wγ(ζ ), wΓ(ζ ), and wh(ζ ) are the contributions due to the shed and free vorticity field, the incident

vortex, and the airfoil motion, respectively. The last term of Eq. (3) represents the uniform background flow of

speed U .

The complex potential of the incident vortex wΓ(ζ ) is determined from the model of a vortex moving around a

cylinder (7), which yields

wΓ(ζ ) =− iΓ
2π

log(ζ −ζΓ)+
iΓ
2π

log

(
ζ − 1

ζ ∗
Γ

)
− iΓ

2π
logζ , (4)

where the last two terms guarantee that the total circulation inside the cylinder is initially zero, and the su-

perscript ∗ denotes the complex conjugate. Similarly, the complex potential of the vortices shed into the wake

is

wγ(ζ ) =
n

∑
k=1

[
− iγk

2π
log

(
ζ −ζγk

)
+

iγk

2π
log

(
ζ − 1

ζ ∗
γk

)]
. (5)

By appeal to Kelvin’s theorem, the bound vorticity inside the cylinder at any time has total circulation −∑n
k=1 γk,

which is used to compute the aerodynamic lift force.

The complex potential of the airfoil motion is (8),

wh(ζ ) = iV
(

ζ − 1

ζ

)
, (6)

where V = dh/dt is the instantaneous velocity of the airfoil in the downward direction.

2.3 Vortex shedding and the emended Brown and Michael equation
The motions of the vortices shed most recently by the trailing edge are described by the emended Brown and

Michael equation (2),

dxγn

dt
·∇Ψj +

Ψj

γn

dγn

dt
= vγn ·∇Ψj, j = 1,2, (7)
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where xγn represents the location of a shed vortex tethered to the trailing edge with circulation γn, and vγn is

the fluid velocity when the local velocity induced by γn is excluded. Here a Cartesian coordinate system is

considered, where x ≡ (x,y). Ψj(x, t) denotes the stream function of the complex potential of the flow in the

j-direction. For a Joukowski airfoil mapped to the ζ -plane, the components of the stream function are (9)

Ψ1 = Im{ζ +1/ζ} and Ψ2 = Im{−i(ζ −1/ζ )} . (8)

The instantaneous circulation of the tethered vortex γn(t) is obtained by enforcing the Kutta condition at the

trailing edge of each instant in time (6),

γn(t) =

∣∣T ∗ζγn −1
∣∣2∣∣ζγn

∣∣2 −1

(
2Γ(1−Re{T ∗ζΓ})

|T ∗ζΓ −1|2 −
n−1

∑
k=1

γk

∣∣ζγk

∣∣2 −1∣∣T ∗ζγk −1
∣∣2 −2πV Re{T ∗}

)
, (9)

in which T ∗ is complex conjugate of the trailing edge T location (T = λ − f0) in the ζ -plane. The tethered

trailing-edge vortex is released and becomes a free vortex when dγn /dt changes sign, at which time another

tethered vortex is placed at the airfoil trailing edge whose motion and instantaneous circulation are determined

by Eq. (7) and Eq. (9), respectively.

Equation (7) can be rearranged into the equivalent scalar form

dz∗γn

dt
+(H1 − iH2)

1

γn

dγn

dt
= v∗γn , (10)

where z∗γn = x − iy and v∗γn = vx − ivy. The functions H1 and H2 involve the stream functions Ψj and their

derivatives. Equation (10) is the equivalent scalar form of the emended Brown and Michael equation, which is

employed for the theoretical analysis in this work. Specific details related to the derivation of Eq. (10) and the

expressions of H1 and H2 from (6) are presented in the Appendix for reference. Also, the complex velocity of

the shed vortex with self-potential velocity excluded is (7)

v∗γn =− iγnζ ′′(zγn)

4πζ ′(zγn)
+F ′

γn(zγn), (11)

where

F ′
γn(zγn) = ζ ′

[
dw
dζ

+
iγn

2π
1

ζ −ζγn

]
. (12)

2.4 Kinematics of the incident and free vortices
Similarly, the complex velocity of the incident line vortex at sΓ is (7)

ds∗Γ
dt

=− iΓζ ′′(sΓ)

4πζ ′(sΓ)
+F ′(sΓ), (13)

where

F ′
Γ(sΓ) = ζ ′

[
dw
dζ

+
iΓ
2π

1

ζ −ζΓ

]
. (14)

Also, the equation of motion for each of the n−1 free vortices is

ds∗γk

dt
=− iγkζ ′′(sγk)

4πζ ′(sγk)
+F ′

γk
(sγk), (15)

where

F ′
γk
(sγk) = ζ ′

[
dw
dζ

+
iγk

2π
1

ζ −ζγk

]
. (16)
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2.5 Airfoil motion and loads
The airfoil moves aeroelastically under its lift force and the equation of motion of the elastic mount,

m
d2h
dt2

+ cd
dh
dt

+ khh =−L′, (17)

where h(t) denotes the vertical displacement of the airfoil (postive downward). The airfoil suspension is mod-

eled as a linear harmonic oscillator with mass m, damping coefficient cd , and spring stiffness kh. The unsteady

lift force L′ is determined by (10):

L′ = ρUΓa(t)+ρ
∫ c

0

∂
∂ t

Γa(x, t)dx . (18)

The system of dynamical equations is formed from Eqs. (9), (10), (13) and (15), which consists of 2(n+ 2)
first-order ordinary differential equations for the position (sxΓ(t),syΓ(t)) of the incident line vortex, the positions

(sxγn (t),syγn (t)) of n trailing-edge vortices, and the instantaneous airfoil displacement h(t) and the velocity V (t).
The system of equations is marched forward in time using a fourth-order Runge-Kutta algorithm. Once solved,

the results are mapped into the physical z-plane by using z(t) = s(t)+ ih(t).

2.6 Acoustic emission
The aerodynamic sound problem at low Mach numbers can be solved by the Powell-Howe acoustic analogy (7,

11) (
1

c2
0

∂ 2

∂ t2
−∇2

)
B = div(ω ∧v)+

dV
dt

δ (y), (19)

where B is the stagnation enthalpy per unit mass of the fluid (12) and c0 is the isentropic speed of sound. The

first term on the right hand side denotes the vorticity contribution via the divergence of the Lamb vector, and

the second term is the airfoil motion contribution. In the acoustic far field, the acoustic pressure and stagnation

enthalpy are related by the linearized approximation

p(x, t)≈ ρB(x, t). (20)

The acoustic pressure can be written as

p(x, t) = pv(x, t)+ pω(x, t), (21)

where pv(x, t) is the acoustic pressure due to the airfoil motion,

pv(x, t)≈ 2ρλ 2 cosθ√
2c0|x|

∂ 2

∂ t2

∫ [t]

−∞

dh/dt√
[t]− τ

dτ , (22)

and pω(x, t) denotes the contribution from all vortices including the incident vortex and shedding vortices, which

can be calculated using Howe’s formula (7),

pω(x, t)≈ −ρωx j

2π
√

2c0|x|(3/2)

∂
∂ t

∫ [t]

−∞

(
dx
dτ

∂Yj

∂y
− dy

dτ
∂Yj

∂x

)
z(τ)

dτ√
[t]− τ

. (23)

Here ω is the vortex strength, x j/|x| denotes the observer direction θ , where sinθ = x1/|x| and cosθ = x2/|x|,
x is the observer location in the far field (|x| → ∞), [t] = t − |x|/c0 is the acoustic retarded time, t denotes

the observer time, and τ is the source time. Yj ( j = 1,2) are the components of the Kirchhoff vector that are

established from the conformal mapping,

Y1 = Re(ζ +1/ζ ) and Y2 = Re{−i(ζ −1/ζ )} . (24)

The integrals in Eq. (23) can be evaluated numerically once the path of the vortex z(τ) = x(τ)+ iy(τ) has been

determined.
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3 RESULTS
In this section we first compare the results of a simpler case against Manela’s work (3) to validate the mathe-

matical framework, then plot new findings for the aeroelastic case. The model equations are nondimensionalized

by x = x/(2λ ), y = y/(2λ ), t = Ut/(2λ ), and Π([t]) = p(x, t)
√

8|x|/(ρU2
√

M), which produce the following

parametric groups that define the numerical simulations (13):

Γ =
Γ

4πUλ
, ωn =

2λωn

U
, μ =

4ρalt
πρc

, ξ =
cd

2mωn
.

The last three parameters are related to the airfoil suspension, where ρa is the airfoil density, ωn =
√

kh/m is the

natural frequency of the suspension. The airfoil chord length and λ are related by c= 3λ −2 fx0−λ 2/(2 fx0−λ ),
and M =U/c0 is the Mach number.

3.1 Verification of simulations
Consider the degenerate case of the generalized model in Fig. 1 of a fixed, flat airfoil of length 4λ immersed

in a uniform flow with speed U in the x-direction. An incident line vortex of constant strength Γ = 0.2 is

released into the flow at the initial instant in time (t = 0) at position (x0,y0) = (−20,0.2) and advects freely

over the airfoil. This scenario has been previously investigated by Manela (4) and furnishes a verification case

for the more general framework developed in this paper. Figure 3(a) illustrates the comparison of the numerical

results for the nondimensional acoustic pressure measured directly above a stationary flat plate or a stationary

Joukowski airfoil at θ = π/2, where the solid curve agrees with Fig. 3(c) of Manela (4).

3.2 Aeroelastic case
Now consider the case of an incident vortex past by a Joukowski airfoil under aeroelastic motion, as illustrated

in Figure 1. The Joukowski airfoil has 12% thickness and zero angle of attack. The initial strength and

location of the incident vortex are the same as in Section 3.1, and the additional dimensionless parameters for

the aeroelastic case are the damping ratio ξ = 0, reduced natural frequency ωn = 0.5, and mass ratio μ = 10.

The sound produced by the unsteady suction (θ = π/2) in different aspects is shown in Figure 3(b) and (c),

respectively. In Figure 3(b), the solid curve denotes the incident vortex acoustic contribution, and the dashed

curve denotes the wake contribution which includes the effect of 12 Brown-Michael vortices that are shed by

the trailing edge over the course of the simulation. The reduced pressure of the incident vortex contribution

decreases when the incident vortex passes by the leading edge, and the pressure of the wake contribution starts

to fluctuate due to more vortices shedding from the airfoil trailing edge. After the incident vortex passes by

the trailing edge, the wake contribution and the incident vortex contribution start to balance together with same

strength in opposite signs and yield a net zero total acoustic pressure in long times, as illustrated in Figure

3(c). Compared with the total sound for a stationary flat and thick Joukowski airfoils in Figure 3(a), the result

in Figure 3(c) shows that aeroelastic effects have a modest slight influence in the total sound for the parameters

considered here. However, the comparison of flat airfoil and Joukowski airfoil in Figure 3(a) shows that the

airfoil thickness controls significantly the peak noise due to the acceleration of the vortex in the leading-edge

interaction. Figure 3(d) presents the sound observed along a different observation angle (θ = 0) produced by

the unsteady lift contributions of the incident vortex, the wake, and the airfoil motion.

4 CONCLUSIONS
An analytical model for the aeroelastic interaction of an incident vortex and a symmetric Joukowski airfoil is

formulated in this paper. The aeroelastic vortex dynamics study by (6) is extended to study the corresponding

acoustic emissions using the Powell-Howe acoustic analogy. The acoustic signature for the special case of a

stationary flat-plate airfoil is verified against available results in the literature. New acoustic results show that

the airfoil thickness controls significantly the total sound, while a modest difference in total sound is observed
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Figure 3. Acoustic radiation of a line vortex encountering a stationary flat-plate airfoil or a Joukowski airfoil

with 12% thickness: (a) comparison of total acoustic radiation for the stationary flat and Joukowski airfoils

along θ = π/2; (b) acoustic contributions of incident vortex (ΠΓ) and wake (Πγ = ∑k=12
k=1 Πγk ) for a Joukowski

airfoil under aeroelastic motion along θ = π/2; (c) total normalized acoustic pressure for a Joukowski airfoil

under aeroelastic motions observed at angle θ = π/2; (d) acoustic contributions of the incident vortex (ΠΓ),

vortical wake (Πγ ), and the airfoil motion (Πv) for a Joukowski airfoil under aeroelastic motion, as observed

along θ = 0. For the aeroelastic simulations in (b-d), ξ = 0, ωn = 0.5, and μ = 10.

610



in the comparison of stationary and aeroelastic cases for the parameters considered. A complete parameter

sweep of the aeroelastic cases is the subject of ongoing research to determine conditions for minimum noise

production and the associated dynamics of the gust-airfoil interaction.
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Analytic solutions for acoustic scattering by blade rows with complex
boundaries: porosity, compliance and impedance

Peter J. Baddoo∗ & Lorna J. Ayton

Department of Applied Mathematics and Theoretical Physics, University of Cambridge, United Kingdom

Abstract
The acoustic scattering by an infinite cascade of flat plates is analysed for a range of boundary conditions including
porosity, compliance and impedance. By employing the Wiener-Hopf method, analytic expressions are derived
for the pressure field that are uniformly valid throughout the entire domain. This enables exact solutions for the
unsteady lift, sound power output and other acoustic quantities. The Wiener-Hopf analysis shows that complex
boundaries have a significant effect on the modal structure of the cascade’s inter-blade region, whilst the modes
in the far-field regions are unchanged. The results demonstrate the considerable impact of small modifications
to the boundary conditions and highlight the importance of the accurate modelling of aeroelastic effects when
predicting sound transmission and generation in turbomachinery.
Keywords: fluid-structure interaction, turbomachinery noise, Wiener-Hopf method

1 INTRODUCTION
Turbomachinery noise remains a significant contributor to overall aero-engine noise [12]. A considerable source
of broadband noise is the so-called “rotor-stator interaction”, where unsteady wakes shed by rotors interact with
downstream stators. Much progress has been made in understanding rotor-stator interaction noise when the
blades are modelled as flat plates [11, 6, 13] or with realistic geometries [2]. However, research into blades
with complex boundaries – where the blades are not necessarily stationary and rigid – are far less developed,
especially from an analytic standpoint. Consequently, in the present work we derive analytic solutions for the
acoustic scattering by blade rows where the boundary conditions are not limited to a typical rigid no-flux
boundary condition. The method is capable of modelling a range of boundary conditions of practical interest,
some of which are detailed below.

Aspirations for lightweight and efficient engines have driven the design of thinner and lighter blades in
turbomachinery [14]. As a result, aeroelastic effects such as flutter and resonance must be considered in
modern turbomachinery design and testing. The rapid and accurate prediction of the aeroacoustic performance
of turbomachinery with consideration of aeroelastic effects is therefore essential in evaluating the appropriateness
of potential blade designs. Analytic solutions are excellent candidates for this task [6, 13, 2], but are presently
limited to rigid blades with no consideration of aeroelastic effects. The present study permits the analysis of
compliant blades [5], where the plate deforms with a local response to the pressure gradient across the blade.
More general impedance relations with background flow [10] are also amenable to the present approach.

An influential trend in aeroacoustic research is to modify aerofoils with noise reducing technologies. A
popular choice is a poroelastic extension, which was originally inspired by the silent flight of owls [7]. These
extensions have been applied to semi-infinite [8] and finite [1] plates and have demonstrated considerable noise
reductions. The effects of porosity on blades in cascade formations has not received any analytical treatment,
except for recent work by the authors which showed that aerodynamic losses can be mitigated by modifying
the blade spacing appropriately [3]. The approach of the present research permits aeroacoustic analysis of
porous blades under the assumption of a Darcy-type condition where the seepage velocity through the blade is
proportional to the pressure jump across the blade.

In the present research, we extend the work of Glegg [6] and Posson [13] to analyse the acoustic scattering
by a cascade of flat plates with a range of boundary conditions using the Wiener-Hopf method. A significant
advantage of the presented technique is that the method is identical regardless of the boundary condition – the

∗baddoo@damtp.cam.ac.uk
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only effects of modifying the boundary condition are to modify the kernel in the Wiener-Hopf method. We
consider four possible boundary conditions labelled cases 0–III. Physically, case 0 corresponds to rigid blades;
case I, porous or compliant blades with no background flow; case II, Darcy flow with background flow; and
case III, a general impedance relation. Mathematically, case 0 corresponds to a Neumann boundary; case I, a
Robin boundary; case II, an oblique derivative boundary; and case III, a generalised Cauchy boundary.

We begin by presenting a mathematical model for the blade row in section 2, including the modelling of
the various boundary conditions. We then present some details of the mathematical solution in section 3. In
section 4 we present a range of results including the unsteady lift, sound power output, and scattered pressure
field. Finally, in section 5 we summarise our work and suggest future directions of research.

2 MATHEMATICAL FORMULATION
We consider a rectilinear cascade of blades in a uniform, subsonic flow as illustrated in figure 1. As is typical
in these analyses [6, 11], it is useful to rotate the coordinate system so that

(x∗, y∗, z∗) =
(
x̃ cos( χ∗) − ỹ sin( χ∗), x̃ sin( χ∗) + ỹ cos( χ∗), z̃

)
,

and the x∗ and y∗ coordinates are tangent and normal to the blades respectively. The background flow is tangent

ỹ

x̃

U∗

unsteady perturbation

2b∗

∆∗

χ∗

background flow

Figure 1. A rectilinear cascade of flat plates with complex boundaries.

to the blades, and may have a spanwise component such that U∗ = (U∗, 0,W ∗). The blades in the cascade have
dimensional length 2b∗ and are inclined at stagger angle χ∗. The distance between adjacent blades is ∆∗. We
assume that a vortical or acoustic wave is incident on the cascade, resulting in a velocity perturbation u∗ to the
mean flow. The Kutta condition is satisfied by ensuring that there is no pressure jump across the wake.

We introduce an acoustic potential function for the scattered field defined by

∇φ∗ = u∗.

so that conservation of mass yields the convected Helmholtz equation

1
c2

0

D2
0φ
∗

D0t∗2
− ∇2φ∗ = 0. (1)

where c0 is the isentropic speed of sound. We suppose that the unsteady perturbation incident on the cascade
takes the form

φ∗i = A∗ exp
[
i
(
k∗x x∗ + k∗y y

∗ + k∗z z∗ − ω∗t∗
)]
. (2)
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Since the system is infinite in the spanwise direction, the scattered solution u∗ must also have harmonic
dependence in the z-direction. Accordingly, making the following convective transformation and appropriate
non-dimensionalisations

φ∗(x∗, y∗, z∗, t∗) = U∗b∗φ(x, y) exp
[
iω

(
−M2δx + z − t

)]
,

ω =
b∗

U∗
(ω∗ −W ∗k∗z ), w2 = (Mδ)2 − (kz/β)2 − (2 + 2i)kzδM2W (1 −W kz ),

reduces (1) to (
∂2

∂x2 +
∂2

∂y2 + ω
2w2

)
φ = 0. (3)

All undefined quantities used in this non-dimensionalisation are defined in [9]. The blades now have horizontal
spacing d and vertical spacing s.

2.1 Boundary conditions
We now introduce the boundary conditions for the problem. It is sufficient to specify the behaviour along y = ns
for n ∈ Z. In the following analysis, we use ∆n and Σn to denote the difference and sum of a given quantity
either side of the nth blade and wake.

2.1.1 Upstream boundary condition
There may be no discontinuities upstream of the blade row. Consequently, we write

∆nφ(x) = 0, φ < nd. (4)

2.1.2 Blade boundary condition
Several possible boundary conditions that can be modelled with the present approach. Mathematical analy-
sis reveals that physically relevant boundary conditions can be expressed in terms of φ and its derivatives.
Accordingly, we may characterise all the possible modified boundary conditions in the general form

Σn

[
∂φ

∂y

]
(x) = −2w0 exp

[
ikx (δ(nd + x) + kyns)

]

+ µ0∆n
[
φ
]

(x) + µ1∆n
[
φx

]
(x) + µ2∆n

[
φx,x

]
(x), nd < x < nd + 2,

(5)

where the µn are summarised in table 1 for the different boundary conditions. Furthermore, in the present
analysis we do not allow any added mass and therefore enforce that there is no jump in the normal velocity
either side of the plate. Accordingly, we write

∆n

[
∂φ

∂y

]
(x) = 0, nd < x < nd + 2. (6)

2.1.3 Downstream boundary conditions
Downstream we require the pressure jump across the wake to vanish so that

∆n
[
φ
]

(x) = 2πiP exp [iωδx] , x > nd + 2, (7)

where P is a constant of integration that will be specified by enforcing the Kutta condition.
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Case Model µ0 µ1 µ2

Case 0 [6, 13] rigid, impermeable 0 0 0

Case I [5, 8, 9] porous, compliant
(no background flow) CI 0 0

Case II porous, compliant
(background flow) iωδCI I −CI I 0

Case III [10] impedance −2ω2(1 +W kz )CI I I −2iM2ωCI I I CI I I

Table 1. Summary of possible boundary conditions and corresponding µ0, µ1 and µ2 values for equation (5).
The CI , CI I and CI I I each represent constants that control the porosity, compliance or impedance.

Additionally, the normal velocity across the wake must vanish, i.e.

∆n

[
∂φ

∂y

]
(x) = 0, x > nd + 2. (8)

This completes the description of the mathematical model.

3 SOLUTION
We now present the mathematical solution to the Helmholtz equation (3) subject to the boundary conditions (4),
(5), (6), (7) and (8).

As is typical in cascade acoustics problems, we employ integral transforms to obtain a solution that is
uniformly valid [11, 6, 13]. However, φ is discontinuous across each blade and wake in the y-direction.
Therefore, ∂φ/∂y possesses non-integrable singularities thus preventing the application of a Fourier transform.
Consequently, we must regularise the derivatives of φ to remove these non-integrable singularities. To this end,
we introduce introduce generalised derivatives and write

∂2φ

∂y2 =
∂̃2φ

∂̃y2
−

∞∑
n=−∞

∆n
[
φ
]

(x)δ′(y − ns) −
∞∑

n=−∞

∆n

[
∂φ

∂y

]
(x)δ(y − ns), (9)

where ∂̃ represents the partial derivative with discontinuities removed. The second term in (9) vanishes because
we do not allow added mass so there is zero jump in normal velocity across the blade (6) and wake (8).

The scattered solution must obey the same quasi-periodicity relation as the incident field (2). Consequently,
the scattered acoustic potential function in the entire plane may be reduced to a single channel in the domain
by writing

φ(x + nd, y + ns) = φ(x, y)einσ
′

, (10)

where the inter-blade phase angle for φ is σ′ = kx (δd + ky s). Substituting (9) into the Helmholtz equation (3)
and applying the phase angle relation (10) yields

∂2φ

∂x2 +
∂2φ

∂y2 + ω
2w2φ =

∞∑
n=−∞

∆0
[
φ
]

(x − nd)δ′(y − ns)einσ
′

. (11)
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Reference
gap-to-chord

ratio
∆/2

stagger angle
χ

Mach number
M

reduced frequency
ω

inter-blade
phase angle

σ

Glegg [6] 0.6 40 0.3 0–30 3π/4

Posson [13] sec (20◦) 20◦ 0.2 5 3π/4

Table 2. Summary of parameters used in results section. These cases both considered a convected gust.

Following Glegg [6], we Fourier transform in the x- and y-directions, and invert the Fourier transform in the
y-direction to obtain

Σ0

[
∂φ

∂y

]
(x) = −4π

∫ ∞

−∞

D(γ) j (γ)e−iγxdγ, (12)

where j is defined in [6]. The problem is now to find D(γ) which represents the Fourier transform of the jump
in acoustic potential either side of the blade and wake. We now solve equation (12) subject to the remaining
boundary conditions applied on y = 0 (4,5,7). Consequently, we have an integral equation (12) subject to mixed
value boundary conditions (4,5,7). We solve this system with the Wiener-Hopf method using a similar approach
to Glegg [6], and the solution for D is given by

D(γ) =
w0

(2π)2i(γ + δkx )K−(−δkx )K+(γ)
+

w0δ(ω − kx )e2i(γ+δkx )

(2π)2i(γ + δkx )(γ + δω)K+(−δkx )K−(γ)

−

∞∑
n=0

(An + Cn) e2i(γ−θ−n )

i(γ + δω)(γ − θ−n )
·

K−(θ−n )
K−(γ)

−

∞∑
n=0

Bn

γ − θ+n
·

K+(θ+n )
K+(γ)

, (13)

where K represents the new Wiener-Hopf kernel defined by

K (γ) = j (γ) +
1

4π
(
µ0 − iµ1γ − µ2γ

2
)
.

All new variables in (13) are defined in an analogous way to [6]. We note that the solution is similar to Glegg’s
solution for the rigid cascade [6], except the original Wiener-Hopf kernel j is now replaced with the modified
kernel K . We note that the poles of K are the same as j, whereas the zeros of K are generally distinct from
those of j. The original kernel j is recovered when the boundaries are rigid and µ1 = µ2 = µ3 = 0.

We now invert the Fourier transform in the x-direction to obtain an expression for the acoustic field that is
uniformly valid throughout the entire domain. The inversion is achieved by splitting the physical domain in a
similar manner to [13]. Contour integration yields the final expression for the acoustic potential function, which
takes a similar form to that of [13], and yields analytic expressions for the velocity and pressure fields.

4 RESULTS
In order to enable comparison against previous research, we consider the test cases analysed by Glegg [6] and
Posson et al. [13] as outlined in table 2.

During the solution to the Wiener-Hopf problem associated with the scattering by the blade row with
complex boundaries, we observed that the major difference with the rigid case is that the duct modes are
modified. Consequently, we expect that modifications to the boundary conditions will have a strong impact on
the pressure gradient across each blade, leading to significant effects on the unsteady loading. This hypothesis
is tested in figure 2, where the unsteady loading for a rigid cascade is compared against the loading for a range
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of µ0 values. The effects of complex boundaries on the unsteady loading are most significant at low frequencies
(ω < 8) and are far less significant at higher frequencies (ω > 8) after the second acoustic mode is cut-on.
Moreover, we observe a shift in the cut-on frequency of the passage modes, as reflected by the shifts in the
peaks near ω ≈ 12.

Analytic expressions for the sound power output are available by a similar method to Glegg [6], and
the downstream power output is plotted in figure 3. As anticipated by the Wiener-Hopf analysis, the cut-on
frequencies of the acoustic modes are unchanged by the effects of complex boundaries. We note that there is a
large jump in the sound power output for the case µ0 = −5 just above the cut-on frequency of the first mode.
However, beyond this frequency, the sound power output monotonically decreases as µ0 decreases. Similarly
for the second and third modes, the sound power generated by blades with a small amount of compliance is
generally much smaller than that for rigid blades µ0 = 0.

Varying µ1 has the effect of increasing or decreasing the upstream and downstream pressure fields, as
illustrated in figure 4. For example in figures 4c and 4d there is an increase in the downstream and upstream
pressure fields respectively, whereas in figure 4b both the upstream and downstream pressure fields are reduced.
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� � �C
p
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Figure 2. Unsteady lift for a range of frequencies. The aerodynamic and aeroacoustic parameters are defined
in table 2 and correspond to those in figure 3 of [6]. In all plots µ1 = µ2 = 0 and the colours correspond to
µ0 = 0, µ0 = −1 and µ0 = −5.
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Figure 3. Downstream sound power output for a range of frequencies. The aerodynamic and aeroacoustic
parameters are defined in table 2 and correspond to those in figure 9 of [6]. In all plots µ1 = µ2 = 0 and the
colours correspond to µ0 = 0, µ0 = −1 and µ0 = −5. The line styles correspond to the first ( ), second
( ), and third ( ) modes respectively.
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These effects can be attributed to the absorption and production of energy via the impedance condition applied
to the blades.

(a)
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y/
2

−4 −2 0 2 4 6
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normalised pressure, p

Figure 4. Scattered pressure for the parameters defined in Posson et al. [13] and reiterated in table 2. The
boundary data is defined with µ0 = µ2 = 0 and (a) µ1 = 0 (i.e. rigid), (b) µ1 = −2/3i, (c) µ1 − 4/3i, (d)
µ1 = 4/3i.

5 CONCLUSIONS
We have derived an analytic solution for the scattering of an unsteady perturbation incident on a rectilinear
cascade of flat plates with complex boundaries. The analytic nature of the solution means that it is extremely
rapid to compute, and offers physical insight into the role played by different boundary conditions. In contrast
with previous studies that focussed on the effects of rigid plates [6, 13], the formulation of the present research
allows a range of boundary conditions to be studied with minimal effort, such as porosity, compliance and
flow impedance. In terms of the spectral plane, the effect of modifying these boundary conditions is to
change the locations of the zeros of the Wiener-Hopf kernel, whilst the poles are unchanged. Accordingly, the
modal structure of the far-field scattered pressure is invariant under modifications to the flat plates’ boundary
conditions. Conversely, the modal structure of the near-field region undergoes large deformations since the zeros
of the kernel correspond to the duct modes of the inter-blade region. This has a strong effect on the surface
pressure fluctuations and unsteady loading, which has implications for the far-field sound. Future work will
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focus on more detailed analysis of elastic plates [1, 8] in order to explore the important effects of flutter and
resonance.

Finally, this study shows that modified boundary conditions have a large impact on gust-cascade interaction
noise and offers a useful design tool that can model aeroacoustic and aeroelastic effects.

ACKNOWLEDGEMENTS
P. J. B. acknowledges support from EPSRC grant 1625902 and L. J. A. acknowledges support from EPSRC
grant EP/P015980/1.

REFERENCES
[1] L. J. Ayton. Acoustic scattering by a finite rigid plate with a poroelastic extension. Journal of Fluid

Mechanics, 791:414–438, mar 2016.

[2] P. J. Baddoo and L. J. Ayton. An analytic solution for gust-cascade interaction noise including effects of
realistic aerofoil geometry [SUBMITTED]. Journal of Fluid Mechanics.

[3] P. J. Baddoo and L. J. Ayton. On periodic singular integral equations with application to porous cascades
of aerofoils [SUBMITTED]. Proceedings of the Royal Society A: Mathematical, Physical and Engineering
Science.

[4] A. V. Cavalieri, W. R. Wolf, and J. W. Jaworski. Numerical solution of acoustic scattering by finite
perforated elastic plates. Proceedings of the Royal Society A: Mathematical, Physical and Engineering Sciences,
472:20150767, 2016.

[5] D. G. Crighton and F. G. Leppington. Scattering of aerodynamic noise by a semi-infinite compliant plate.
J. Fluid Mech., 43(4):721–736, oct 1970.

[6] S. A. L. Glegg. The response of a swept blade row to a three-dimensional gust. Journal of Sound and
Vibration, 227(1):29–64, 1999.

[7] R. R. Graham. The Silent Flight of Owls. Journal of the Royal Aeronautical Society, 38(286):837–843, 1934.

[8] J. W. Jaworski and N. Peake. Aerodynamic noise from a poroelastic edge with implications for the silent
flight of owls. Journal of Fluid Mechanics, 723:456–479, 2013.

[9] A. Kisil and L. J. Ayton. Aerodynamic noise from rigid trailing edges with finite porous extensions.
Journal of Fluid Mechanics, 836:117–144, 2018.

[10] M. Myers. On the acoustic boundary condition in the presence of flow. Journal of Sound and Vibration,
71(3):429–434, 1980.

[11] N. Peake. The interaction between a high-frequency gust and a blade row. J. Fluid Mech, 241:261–289,
1992.

[12] N. Peake and A. B. Parry. Modern Challenges Facing Turbomachinery Aeroacoustics. Annual Review of
Fluid Mechanics, 44(1):227–248, 2012.

[13] H. Posson, M. Roger, and S. Moreau. On a uniformly valid analytical rectilinear cascade response function.
Journal of Fluid Mechanics, 663:22–52, 2010.

[14] G. Saiz. Turbomachinery Aeroelasticity Using a Time-Linearised Multi Blade-row Approach. PhD thesis,
Imperial College London, 2008.

619



620



VL VSAW

621



A
A

622



L r

623



Tr Tr’ Tt

VL

T

624



h

v

X

VL

625



626



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

A study on the relationship between rock microstructure and wave 
dispersion in carbonates and sandstones 

Wei CHENG1; Jing BA*2; José M. CARCIONE3 
1School of Earth Sciences and Engineering, Hohai University, Nanjing 211100, China 

School of Earth Sciences and Engineering, Hohai University, Nanjing 211100, China 

Istituto Nazionale di Oceanografia e di Geofisica Sperimentale (OGS), Borgo Grotta Gigante 42c, Sgonico, 

Trieste I-34010, Italy. 

ABSTRACT 
The dependence of the wave properties of common rocks on their microstructure is not fully understood. 
Porosity, fluid type and rock texture significantly affect acoustic wave propagation. The P-wave velocities in 
water-saturated rocks are predicted from measurements in gas-saturated rocks, using the Gassmann theory. 
The dispersion is estimated from the difference between this predicted velocity and the measured one, where 
the latter corresponds to the unrelaxed state. In this work, ultrasonic compressional and shear wave velocities 
are measured in full-water and full-gas saturated tight carbonates and sandstones. By adding experimental 
data from the literature, we evaluate the compressional wave velocity dispersion as a function of porosity for 
all these lithologies (240 samples). It shows that dispersion increases with porosity in the low porosity range, 
but decreases in the high porosity range. For each lithology, the dispersion peak occurs at a porosity of 
approximately 15 %. The new findings here reflect the intrinsic natures of shallow earth rocks, which will 
contribute to better understandings on earth rocks for researchers of rock physics and exploration geophysics 
areas. 
 
Keywords: Compressional wave velocity dispersion, Porosity, Ultrasonic measurement 

1. INTRODUCTION 
Rock anelasticity is affected by texture, porosity and pore fluids. Studies on attenuation and 

dispersion are essential in estimating the properties of rocks and guiding seismic inversion. Jeong 
and Hsu (1995) showed that ultrasonic attenuation increases with void content in carbon composites. 
Klimentos et al. (1990) established a correlation between attenuation, porosity and clay content in 
sandstones based on measurements. Since it has been considered that if the dispersion is completely 
characterized for all frequencies then attenuation is known for all frequencies and vice versa 
(Carcione et al., 2018; Mavko et al., 2009). Dispersion is closely related to porosity and reflects the 
intrinsic properties of rocks. 

The two different lithologies are considered in this work. Carbonates cover a range of 
depositional facies, with complex porous media and considerable textural variability, showing a 
diversity of pore types, a wide range of pore sizes and fluid distribution heterogeneity (Lopes et al., 
2014). Some deep sandstone reservoirs contain high porosity values, however, the tight sandstones 
have geological characteristics of low permeability, low porosity and developments of micro-cracks 
(Guo et al., 2018).  

Laboratory measurements of ultrasonic waves in rocks have been frequently used to investigate 
the relations between the rock properties and wave properties. Moreover, Gassmann equation can be 
used to predict the compressional wave velocity of a water-saturated rock based on the properties of 
the dry-rock skeleton and fluid (Gassmann, 1951). However, it is only valid at the low frequency 
limit, where the wave-induced pore fluid pressures are equilibrated throughout the pore space (King 
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and Marsden, 2002). At ultrasonic frequencies, the wave-induced fluid pressure gradient between 
stiff and soft pores does not equilibrate. This results in a stiffening effect, and the compressional 
wave velocity will be underestimated by the Gassmann equation. The velocity dispersion can be 
estimated by calculating the difference between the measurements and Gassmann prediction at full 
liquid saturation (Regnet et al., 2015). 

In this work, we measure ultrasonic compressional and shear wave velocities in 18 carbonates  and 
17 sandstones at full-gas saturation states and full-water saturation. Together with the experimental 
data of the two lithologies in literature (Regnet et al., 2015; Han et al., 1986; Wang, 2016a; Wang, 
2016b; Guo et al., 2018; King et al., 2000), dispersion is estimated by using Gassmann theory and 
the two measured velocities at full water and full-gas saturations. The relation between dispersion 
and porosity is analyzed. 

 

2. EXPERIMENTAL DATA 

2.1 Rock Specimens 
The experimental set-up of Guo et al. (2009) is used for the ultrasonic-wave measurements on 18 

carbonates (5 limestones and 13 dolomites) and 17 sandstones. The carbonates are collected from 
Ordovician and Cambrian formations (> 4.0 km depth), West China, with low -moderate porosity, 
dissolved pores and rare clay. The sandstones, collected from the Paleogene formation, in the 
Dongying sag, East China (around 4.0 km depth), are composed of feldspar, quartz, and rare clay.  

 
Figure 1. Crossplots of VP and VS for (a) 18 carbonates and (b) 17 sandstones at full gas and full water 

saturations. Linear fits are shown. 
Ultrasonic P- and S-wave velocity (VP and VS) were measured for each sample at full water and full 

gas (nitrogen) saturations, respectively. Measurement frequency is 1 MHz. Figure 1  shows crossplots 
of VP and VS for 18 carbonates and 17 sandstones at full gas and full water saturations. The correlation 
of a linear fitting between VP and VS in carbonates is better than sandstones. The slope of VP versus VS 
is 1.9 in carbonates, higher than those in sandstones. For each lithology, the slope of VP versus VS at 
full water saturation is lower than that at full gas saturation. In addition to our measurements on the 
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two lithologies, experimental data by Regnet et al. (2015), Han et al. (1986), Wang (2016a), Wang 
(2016b), Guo et al. (2018) and King et al. (2000) are analyzed. 

 

2.2 Determination of The Bulk Modulus of The Mineral (K0) 
If the mineral contents, components and geometrical parameters are known, we can use the effective 

medium theories to estimate the bulk modulus of the solid (Ba et al., 2016). However, for most rocks, these 
properties can hardly be obtained. In another method the rocks are classified into the same lithology and 
sub-phase, and by analyzing the set of sorted specimens with similar lithological characteristics and minerals, 
a linear fitting of the velocity-porosity relations in low porosity range can give an estimation of the effective 
solid modulus for the whole set (Yan et al., 2011). In this work, we taken the porosity less than 8 %. For each 
of the two sets, VP and VS at zero porosity are computed, and thus, K0 is obtained. 

Modulus K0 is obtained from the limestones, sandstones (our data), and from the results by Han et al. 
(1986), Wang (2016a), Guo et al. (2018). K0 is 89.2 GPa for the carbonate set of Wang (2016b) and 40.0 GPa 
for the sandstone set of King and Marsden (2002). For our dolomites and the limestones of Regnet et al. 
(2015), K0 is taken from Mavko et al. (2009), since the lack of data in the low porosity range. 

3. RESULTS AND DISCUSSION 

3.1 Gassmann Fluid Substitution 
The Gassmann theory (Gassmann, 1951) theory is used to estimate the bulk modulus of water-saturated 

rock (K(sat)) based on the velocity measurements of gas-saturated/dry rocks. Gas is light and assumed to cause 
no stiffening effect at ultrasonic frequencies, therefore the gas-saturated ultrasonic measurements reflect a 
relaxed state and give the dry-rock bulk modulus, Kb. The Gassmann theory is based on the assumption that 
wave-induced fluid pressures are equilibrated throughout pore space in rock, i. e., the low-frequency (LF) 
limit. The Gassmann equation is 

                              
(LF)
(sat)

(LF)
0 (sat) 0 0( )

fb

b f

K KK
K K K K K K

                                 (1) 

where Kf and K0 are the bulk moduli of fluid and mineral mixture, respectively, ϕ is the rock porosity, and Kb 

is the bulk modulus of the rock skeleton without pore fluids (e.g., Mavko et al., 2009; Carcione, 2014). 

(LF)
(sat)K  is computed from equation (1) for each specimen, where the fluid properties are obtained at the 

measurement conditions according to Batzle and Wang (1992). 

The P-wave velocity dispersion is then estimated as the difference between the measured P-wave velocity 

at ultrasonic frequencies (high-frequency, HF), (HF)
P(sat )V , and the velocity obtained from the Gassmann 

equation, (LF)
P(sat)V , as follows 

                                  
(HF) (LF)

P(sat ) P(sat )
(LF)

P(sat )

Dispersion=
V V
V

                                        (2) 

3.2 Dispersion Versus Porosity in Tight Rocks 
The dispersion is estimated by using equation (2) in the two sets of tight rocks (carbonate and sandstone) 

with three sub-phases, limestone, dolomite, sandstone, as is shown in Figure 2. The dispersion is generally 
positive in the tight rocks, indicating the predicted velocity by Gassmann theory is lower than the measured 
ultrasonic P-wave velocity. Similar phenomena were reported by King et al. (2002), and attributed to the 
presence of compliant pores or open microcracks, and the related squirt-flow mechanism. However, in these 
tight specimens, the dispersion is mostly less than 5 %, and apparently increases with porosity. It is also 
shown the sub-phases of dolomite and limestone in carbonates share the same trend of linear fitting, each 
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phase cannot be distinct from the others by dispersion. However, by the dispersion in these tight rocks, the 
two lithologies can be distinguished, with sandstone having the higher dispersion and fitted slope (0.21), and 
carbonates having the lower slope (0.14). 

 
Figure 2. Crossplot of P-wave velocity dispersion and porosity for the tight carbonates (including dolomites 

and limestones) and sandstones in our measurements. The dashed linear represent the regressions. 

3.3 Relation Between Porosity and Dispersion 
Porosities of specimens in the tests of this study are mostly less than 12 % (tight rocks). The measured 

conditions of these data reflect the actual in-situ conditions of typical shallow geological formations. Figure 3 
presents the crossplots of porosity and dispersion for the two lithologies. The most interesting point is that 
although rocks exhibit a trend of dispersion increasing with porosity in low porosity range (<15 %), but 
decreases for moderate to high porosities (> 15 %). A Gaussian fitting on the different lithologies shows that 
the dispersion peaks at a porosity approximately 15% (the porosities in carbonate and sandstone are 15.7 % 
and 14.9 %, respectively). 

In addition, some negative values of dispersion in Figure 3a and 3b indicate that the fitted/given K0 in 
each rock set may be not appropriate for each specimen, however there is no effective approach to precisely 
determine K0 for each sample, in lack of the detailed lithology and mineral information. The analysis here 
provides the general statistical trend for the considered rocks. 

 
Figure 3. Crossplots of P-wave dispersion and porosity for the whole datasets of (a) carbonates and (b) 

sandstones. Gaussian fits are shown. 

4. CONCLUSIONS 
Ultrasonic measurements are performed on the two sets of tight rocks, including 18 carbonates 
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and 17 sandstones, at the full-water and full-gas saturation states. By assuming the rock matrix is 
relaxed at full-gas saturation, the Gassmann theory is used to predict the P-wave velocity at full 
water saturation at the low frequency limit. Wave dispersion is then estimated by the difference 
between the Gassmann prediction and ultrasonic measurements. In the tight rock specimens of this 
study, the dispersion increases with porosity, and the different lithologies can be distinguished with 
the different linear fitting slopes. However, regarding each lithology, the sub -phases (e. g., dolomite 
and limestone in carbonates) cannot be distinct from each other. By incorporating the experimental 
data in literature, a statistical analysis on the 9 data sets with 240 specimens shows the P-wave 
dispersion peaks at a moderate porosity around 15 % (carbonate 15.7 %; sandstone 14.9 %) for 
different lithologies, which indicates the dispersion decreases with porosity in the high porosity 
range, instead of increases. The characteristics of other lithologies or rock types remain to be 
investigated. The combination research of geology and geophysics on this topic will help 
highlighting people’s understanding on shallow earth rocks. 
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ABSTRACT 
We studied the properties of SH0 wave in LiNbO3 plate which was in contact with gasoline. The 
dependencies of phase velocity vs on parameter hf (h is a plate thickness, f is a wave frequency) were 
plotted. The influence of various types of gasoline on the wave properties has been studied. In the future it 
will be good to investigate influence of viscosity on the investigated parameters. The obtained results 
confirmed that it is possible to develop a gasoline identifier based on SH0 wave in YX-LiNbO3 plate. It has 
been found that the velocity of SH0 wave in YX LiNbO3 plate decreases with the increase of permittivity of 
gasoline or its octane number. In this case the frequency decreases with growing gasoline octane number. 
 

 
Keywords: gasoline identifier, lithium niobate plate, octane number 

1. INTRODUCTION 
Recent motor gasolines present as a rule mixtures of components which are obtained by using 

various technological processes. Gasolines can contain more than 200 individual differently 
structured hydrocarbons depending on the hydrocarbon composition of raw material whose content 
and interaction define the gasoline properties. The quality of market gasoline components used in oil 
refinery plants is assessed with the use of standard laboratory methods at the values of physical and 
chemical properties normalized with appropriate documents [1]. Such a procedure requires cost 
equipment and complicated techniques. So the development of a sensor for the express analysis of 
gasoline quired at gasoline station is quite important. Such a sensor should allow one to identify 
gasoline for its real octane number consistency with the gasoline octane number stated by a selling 
office. The available papers suggest usually to evaluate the gasoline quality by its viscosity [2]. In 
Ref. [3] they show a theoretical possibility of defining the viscosity and dielectric permittivity of 
liquid using a quartz torsion resonator. Recently it was suggested to use the self-excited oscillator 
the feedback of which contains the delay line based on the plate of Y – X lithium niobate with 
propagating acoustic wave with shear – horizontal polarization [4] for realization gasoline identifier. 
The liquid container with gasoline under study is placed on the path of acoustic wave. It has been 
shown that the frequency oscillation is unambiguously connected with permittivity of gasoline, 
which in one's turn is determined by its octane number [4]. In Ref. [5] it was suggested to realize the 
sensor for express analysis of gasoline octane number based on the lateral electric field excited 
resonator. In this paper we discussed the properties of SH0 acoustic waves in structure “piezoelectric 
plate-gasoline”. 

2. THE MEASUREMENT OF THE DEPENDENCE OF THE RELATIVE 
PERMITTIVITY OF GASOLINE ON ITS OCTANE NUMBER 

It is obvious that for the development of the sensor for express analysis of the octane number of 
gasoline one needs to know its parameter, which is unambiguously determined by its octane number. 
As it has been pointed this parameter is permittivity. The Table 1 contains the region of admissible 
values of permittivity for three values of octane number: 80, 92, 95 and their averaged values [6]. 
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Table 1 – Physical parameters of liquids 

Octane number 80 92 95 

The regions of admissible values of permittivity [6] 2 – 2.062 2.08 – 2.115 2.145 – 2.205 

Averaged values of permittivity [6] 2.031 2.0975 2.175 

Measured values of permittivity 2.084 2.148 2.2 
 
The aforementioned grades of gasoline are standard for Russian market. We have measured the 

values of permittivity for these grades, which are also presented in the Table 1. Below the method of 
the measurement is described.  

For measuring the permittivity the plane air capacitor with shear dimensions of 20×20 mm2 and 
with the gap of 1 mm was fabricated. The capacity of this capacitor in air was measured with the 
help of LCR meter 4285A (Agilent). Then capacitor was immersed into sample of gasoline under 
study and capacity was measured again. With the assumption that relative permittivity of the air is 
equal 1 the sought permittivity of gasoline was determined as ratio of capacity in gasoline and 
capacity in air. The obtained data for three grades of gasoline are also presented in Table 1. One can 
see that they are close to the values, which are taken from literature. Figure 1 shows the dependence 
of measured permittivity of the gasoline on its octane number. It is evident that permittivity of 
gasoline insignificantly increases with increase of the octane number. 

3. THEORETICAL ANALYSIS 
Let us consider the propagation of SH0 wave in a “vacuum – YX LiNbO3 plate – gasoline” 

structure. The geometry of the problem is presented in Fig.1. We consider a two dimensional 
problem where all field components are assumed to be constant in the x2 direction. To analyze the 
wave propagation at a fixed temperature we have used the motion equation, Laplace’s equation, and 
constitutive equations for piezoelectric media [7]: 

 
Figure 1- Geometry of the problem 
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electrical potential. 
We used the condition of quasistatic approximation: 

ii xE , (5) 

where i are the components of electric field intensity.  
For liquid we have to use the motion equation, Laplace’s equation and constitutive equations in the 

following form [8]: 

j
lq
ij

lq
i

lq xTtU 22

, (6) 

k
lq
l

lq
ijkl

lq
ij xUCT . (7) 

0i
lq
i xD  (8) 

i
lqlqlq

i xD  (9) 

Here lq is permittivity of a liquid. 
The mechanical and electrical boundary conditions at the plane x3=0 were written as [9] 

lq
ii

lq TTUU 3333 ;  (10) 

.; 33
lqlq DD  (11) 

 
We used gasoline with C||=1.0092 Pa/s and =800 kg/m3 for the study. Its permittivity changed in 

a range from 1.2 to 2.2. We considered the experimental case when parameter hf = 720 m/s (h is the 
plate thickness, f is the wave frequency). We used the material constants of lithium niobate from Ref. 
[10]. The SH0 wave velocity for the YX LiNbO3 plate without adjacent liquid was 4413.291085 m/s 
at hf = 720 m/s. 

Fig.3 shows the fractional change in velocity of SH0 wave in the YX LiNbO3 plate to decrease 
with increasing permittivity of gasoline. The wave phase velocity changes from 4413.29 m/s up to 
4400.14 m/s with the increase of lq from 1.2 to 2.2 when both surface of plate are electrically open. 
Analysis has also showed that the presence of gasoline does not lead to noticeable attenuation of SH0 
wave (10-4 dB per wavelength). 

Figure 3 - Fractional change of SH0 wave velocity in the “gasoline – YXLiNbO3 plate-vacuum” structure 

versus permittivity of gasoline at hf = 720 m/s 
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4. CONCLUSION 
We have theoretically studied the influence of various types of gasoline on the phase velocity of 

SH0 wave in YX-LiNbO3 plate.  In the future it will be good to investigate influence of viscosity on 
the investigated parameters. The obtained results confirmed that it is possible to develop a gasoline 
identifier based on SH0 wave in YX-LiNbO3 plate. It has been found that the velocity of SH0 wave in 
YX LiNbO3 plate decreases with the increase of permittivity of gasoline or its octane number. In this 
case the frequency decreases with growing gasoline octane number. 

ACKNOWLEDGEMENTS 
Work is done under goverment task of Kotelnikov IRE of RAS. 

REFERENCES 
1. Totten GE, Westbrook SR, Shah RJ. Fuels and Lubricants Handbook: Technology, Properties, 

Performance, and Testing. Astm Manual Series, Mnl 37. West Conshokhoken: ASTM International 
2003; p.635-48. 

2. Lec RM, Zhang XJ, Hammond JM. A remote acoustic engine oil quality sensor. Proc of IEEE IUS; 
1997. p. 419-22. 

3. Johannsmann D, Bucking W, Bode B, Petri J. Simple Frequency-Based Sensing of Viscosity and 
Dielectric Properties of a Liquid Using Acoustic Resonators. IEEE Trans on Ultras, Ferroel, and Freq 
Contr. 2010; 57: 677-83. 

4. Kuznetsova IE, Zaitsev BD, Seleznev EP, Verona E. Gasoline identifier based on SH0 plate acoustic 
waves. Ultras. 2015; 70: 34–37. 

5. Zaitsev BD, Teplykh AA, Borodina IA, Kuznetsova IE, Verona E. Gazoline sensor based on piezoelectrc 
lateral electric field excited resonator. Ultras. 2017; 80:96-100. 

6. http://lib2.podelise.ru/docs/2868/index-11739-1.html?page=3 (in Russian) 
7. Royer D, Dieulesaint E. Elastic waves in solids I. Free and guided propagation. Berlin: Springer; 2000. 
8. Auld BA. Acoustic fields and waves in solids. Vol.2. New York: Willey; 1973. 
9. Brekhovskikh LM. Waves in layered media. New York: Academic Press; 1980.  
10. Kovacs G, Anhorn M, Engan HE, Visintini G, Ruppel CCW. Improved material constants for LiNbO3 

and LiTaO3. Proc. IEEE IUS. 1990; 1: 435-8. 
 
 

636



PROCEEDINGS of the  
23rd International Congress on Acoustics  

9 to 13 September 2019 in Aachen, Germany
 
 

 

Study of shear-horizontal waves in structure “piezoelectric-viscous 
and conductive liquid” 

Iren KUZNETSOVA1; Vladimir KOLESOV1; Vladimir ANISIMKIN1; Zhenghua QIAN2; Feng ZHU2; 
Alena GORBUNOVA3 

1 Kotelnikov Institute of Radio Engineering and Electronics of RAS, Russia 
2 Nanjing University of Aeronautics and Astronautics, China 

3 M.V. Lomonosov Moscow State University, Physical Dept., Russia 

ABSTRACT 
Recently it has been found that velocity of shear-horizontal surface acoustic waves initially increase as the 
conductivity of the layer located on the surface of the piezoelectric medium increases. At a certain value of 
conductivity the velocity of such waves reaches a maximum and with a further increase in conductivity 
begins to decrease. The same effect was found for conductive liquid and shear horizontal wave in 
piezoelectric media. In this work the influence of viscosity of a liquid on the magnitude of this effect is 
theoretically studied. It was found that for Bleustein-Gulyaev wave in cadmium sulfate as the viscosity of a 
liquid increases the value of above effect decreases and at a certain value of viscosity it disappears. We 
used a liquid characterized by low permittivity as 2.5. The results obtained can be useful in the 
development of sensors for biological liquids. 
 
Keywords: Bleustein-Gulyaev wave, CdS, viscous and conductive liquid 

1. INTRODUCTION 
It is well known, that the change of electrical and mechanical boundary conditions leads to the 

significant changes of the acoustic wave parameters [1]. This effect is very useful for development 
of various acoustic sensors. One type of such sensors are devices that work in contact with a liquid 
[2]. The biological sensors can be implemented based on such devices. The waves with a 
shear-horizontal polarization are usually used for the design of such sensors [3]. These waves are 
characterized by a weak emission of acoustic energy in a liquid medium [4]. One of these types of 
waves are the Gulyaev-Blustein waves [5]. It has recently been shown that when the conductivity of 
a fluid changes in contact with a piezoelectric, an anomalous resistive-acoustic effect (ARAE) 
occurs [6].  

This effect consists in increasing the velocity of the acoustic wave as the conductivity of the layer 
located on the surface of the piezoelectric medium increases [7]. When a certain value of the 
conductivity of the contacting medium is reached, the velocity of the Bleustein-Gulyaev wave 
reaches a maximum, and with a further increase in conductivity begins to decrease. This effect has 
the most value for potassium niobate due to its high level of piezoactivity [7]. 

It is necessary to note that very often the biological liquids are characterized by various value of 
viscosity. From this point of view, it has interest to study how viscosity can influence on value of 
aforementioned anomalous resisto-acoustic effect [8].  

In this paper, the influence of the viscosity of a liquid on the magnitude of this effect in cadmium 
sulfide is studied. 

2. THEORETICAL ANALYSIS 
The propagation of Bleustein-Gulyaev wave in a structure “YX cadmium sulfide - conductive and 

viscous liquid” has been analyzed. The geometry of the problem is presented in Fig.1. 
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Figure 1- Geometry of the problem 

For theoretical analysis the equation system consisting of elastic medium motion equation (1), 
Laplace’s equation (2), and piezoelectric crystal state equations(3), (4) were used [9] 
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Here  is medium density, Ui are components of mechanical particles displacement, t is time, Tij are 
components of mechanical stress tensor, xj are coordinates, Dj are components of electrical 
displacement, ijkl, eijk, and jk are elastic, piezoelectric and dielectric constants, respectively, and  is 
electrical potential. 

We used the condition of quasistatic approximation: 

ii xE , (5)

where i are the components of electric field intensity.  
It is necessary to write the equation system for viscous conductive and isotropic liquid in 

Maxwellian representation [6, 10, 11]: 
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components of the liquid elastic constants in matrix form are given by 
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where
lq
11 and

lq
44 are longitudinal and shear components of viscosity,  is angular frequency of the 

wave, and  j = (-1)1/2 is the imaginary unit. 
lqlqlq
441112 2 . 

Due to the liquid is not only viscous but also conductive we have to write the Poisson equation and 
the charge conservation equation: 
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Here Dlq, lq, and
lq
iJ are the components of electrical displacement, space charge density, and 

component of the current density, respectively. 
The constitutive equations for liquid are 

i
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i xD  (11) 
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Here lq, lq, and dlq are permittivity, bulk conductivity, and diffusion coefficient of liquid. 
The mechanical and electrical boundary conditions at the plane x3=0 were written as 

lq
ii

lq
ii TTUU 33;  (13)

0;; 333
lqlqlq JDD  (14)

 
The above equations with the boundary conditions have been solved by the method described in [5]. 

3. RESULTS AND DISCUSSION 
We calculated the dependency of the phase velocity of a Bleustein – Gulyaev wave in YX 

cadmium sulfide crystal on a bulk liquid conductivity for different values of a liquid viscosity. We 
found that anomalous resisto-acoustic effect exists for all investigated values of the liquid viscosity; 
i.e. the velocity of the Bleustein-Gulyaev wave rises, reaches its maximum, and then falls as the 
liquid bulk conductivity grows. The analysis shows that the value of positive change in the phase 
velocity due to ARAE ( V/V)+

max increases with increasing the liquid viscosity. The corresponding 
dependence is presented in Fig. 2. 

 
Figure 2- Dependence of the value of positive change in the phase velocity of Bleustein-Gulyaev 

wave in YX CdS due to ARAE versus shear viscosity of liquid 
 
Previously [8, 12] it was shown that for strong piezoelectric like potassium niobate the value of 

positive change in the phase velocity due to ARAE ( V/V)+
max decreases with increasing the liquid 

viscosity. Previous analysis shown that the increasing the liquid viscosity leads to reducing the 
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Bleustein-Gulyaev electric field penetration depth [8]. In connection with this increase in the liquid 
conductivity has a weak effect on the BG wave localization depth for strong piezoelectrics, which in 
turn leads to a decrease and then disappearance of the anomalous resisto-acoustic effect. But for 
weak piezoelectric like CdS increase in the liquid conductivity has a strong effect on the BG wave 
localization depth, which in turn leads to a increase of the anomalous resisto-acoustic effect.  

4. CONCLUSION 
The influence of the liquid viscosity and conductivity on the characteristics of Bleustein-Gulyaev 

waves was considered. It has been found that the value of positive change in the phase velocity due 
to anomalous resisto-acoustic effect increases with increasing the liquid viscosity for weak 
piezoelectrics. This could be explained by the fact that the increasing the liquid viscosity leads to 
reducing the Bleustein-Gulyaev electric field penetration depth. In connection with this increase in 
the liquid conductivity has a strong effect on the BG wave localization depth in weak piezoelectrics, 
which in turn leads to a increase of the anomalous resisto-acoustic effect. Obtained results can be 
used to better understand the fundamental physics of the propagation of weakly inhomogeneous 
piezoective waves. Also it can be used for development of acoustic liquid viscosity sensors 
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Abstract
The combination of volumic, translational and nonspherical bubble oscillations induces a relatively slow mean
flow, called microstreaming, in the vicinity of the bubble. It is well known that microstreaming and its resulting
shear stresses play an important role in medical applications such as sonoporation (permeabilization of a cell
membrane). The exact mechanisms occuring between bubbles, fluid and biological matter are however not fully
understood. Only few studies have tried to correlate the relatively slow streaming to the fast temporal bubble
dynamics. In the present work, we visualize for the first time microstreaming around an acoustically trapped
bubble that is oscillating with axisymmetric shape modes. Different types of streaming patterns can be observed.
Correlation to the temporal bubble dynamics allows us to identify several important parameters that define the
patterns of microstreaming. As might be expected the mode number plays an important role, nevertheless it is
not sufficient to define a streaming pattern. Phase differences between several modal components as well as the
bubble size with respect to the resonance frequency have to be taken into account as well.
Keywords: Microstreaming, bubble, nonspherical oscillations

1 INTRODUCTION
Micrometer sized bubbles find use in diagnostic and therapeutic medical applications. One of those applications
is sonoporation, the permeabilization of a cell membrane. Amongst possible mechanisms that may lead to
sonoporation, bubble-induced microstreaming and its related shear stress are supposed to play a key role. This
was evidenced by Wu et al. [1] and Marmottant et al. [2] who respectively produce streaming around a Mason
horn tip or generated by microbubbles. Investigations of microstreaming commonly refer to bubbles attached to
a wall [3] allowing the identification of the different pattern types [4]. However, there are no detailed studies
on microstreaming induced by a single bubble far from any boundary. Furthermore, most existing studies on
microstreaming do not correlate the streaming to its cause, that means to the bubble dynamics. While extensive
microstreaming observations and modelling have been performed for bubbles combining radial oscillations and
translational motions, few studies are dedicated to the combination of spherical and surface oscillations, that
have been evidenced to lead to large amplitudes of bubble interface motion [5].
In the present study, we aim to characterize microstreaming induced by such a single bubble far from any
boundary and to correlate it to the bubble dynamics. We are in particular interested in the effect of surface
modes on the streaming pattern.
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Figure 1. Schematic representation of the experimental setup; left: creation of bubbles by short laser pulses,
trapping in the acoustic field and triggering of surface modes via bubble coalescence. The camera and light
source allow the visualization of the bubble dynamics; right: visualization of microstreaming with fluorescent
tracer particles and a laser sheet.

2 EXPERIMENTAL SETUP AND PROCEDURE
The experiments consist of two steps. In a first step surface modes are triggered, in a second step bubble
dynamics and microstreaming are recorded.

2.1 Experimental setup
The experimental setup, see figure 1, consists of a 8cm cubic water tank filled with non-degassed water. Single
bubbles are nucleated by short laser pulses (λ = 532nm, second harmonic of a Nd:YAG pulsed laser, New
Wave Solo III, 6ns pulse duration). An ultrasonic plane transducer (SinapTec R©, diameter of the active area
35mm) is attached to the bottom of the tank and driven at 31.25kHz. All bubbles are smaller than resonant
size and are hence attracted to the pressure antinodes of the standing acoustic field. Experiments are captured
with a CMOS camera (Vision Research R© V12.1) equipped with a 12× objective lens (Navitar R© equipped with
an additional 1.5× lense). For the visualization of the bubble dynamics, backlight imaging with a LED light
source is used. For the visualization of streaming, a continuous wave laser source (λ = 532nm, DPSS, CNI
MLL-FN, 400mW) is used and a thin laser sheet is formed. Red fluorescent polymer microspheres (diameter,
0.71µm, Duke Scientific) are added to the water as flow tracers.

2.2 Triggering of surface modes
In order to obtain surface modes, we use bubble coalescence. The method is explained in detail elsewhere [6],
the main idea is the following. Performing controlled experiments on microstreaming lead to two requirements
for the surface modes, (1) controlled orientation of the bubble symmetry and (2) steady-state oscillations of
the bubble. Both requirements are fulfilled with the method of bubble coalescence. It is worth noting that the
mode number can be predicted through the choice of the parameters bubble radius R0, acoustic pressure pa and
driving frequency fac [7].
An example bubble coalescence is shown in figure 2. The approach is followed by film rupture between the
bubbles, leading to an initial shape-deformed bubble. Being acoustically driven this bubble will exhibit transient
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Figure 2. Example snapshot of bubble coalescence (frame size 220× 220µm). After the approach, the two
bubbles coalesce at the time defined as t = 0ms. After a relatively short time, the steady-state regime is reached.
The plot shows the modal decomposition for the radial mode R and the modes 2 and 3. As can be seen on
the snapshots, the modals amplitude a2 becomes negligible while the maximum modal amplitude a3 reaches a
steady state value. Note that the experimental values (black line) are superposed with a numerical simulation
(green line) according to the coupled-mode theory of volumic and nonspherical oscillation [8].

nonspherical oscillations, and after a sufficient number of acoustic cycles a steady-state regime is reached. As
a result, we dispose of one bubble oscillating on a surface mode (here mode 3) in the steady-state regime and
a controlled axis of symmetry (which equals the axis along which the two bubbles approach each other just
before coalescence).

2.3 Visualization of microstreaming and bubble dynamics
Once a surface mode is triggered, quickly alternating recordings of the bubble dynamics, figure 1 left, and
microstreaming, figure 1 right, are made. The bubble dynamics is recorded at a frame rate of 180kfps and
image analysis is done to extract the information on the bubble dynamics. Microstreaming is a relatively slow
phenomenon compared to the fast bubble dynamics. Recordings are done at about 500fps. The videos are
analysed by two methods. The first method is the so called streak photography, where all obtained snapshots
are superposed and only minimum values for every pixel are kept. The result, see figure 3 on the left, reveals
the trajectories of the tracer particles. The second method is particle image velocimetry (PIV). Figure 3 shows
the corresponding result to the streak photography on the left.
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Figure 3. Microstreaming around a bubble oscillating on a mode 3. On the streak image (left), six lobes are
visible. The PIV result reveals maximum velocities of the order of 1mms−1.

3 RESULTS AND DISCUSSION
In the following is detailed a study on microstreaming induced by an acoustically trapped bubble that is oscil-
lating with surface modes.
Intuitively, the streaming patterns induced by a bubble will depend on the predominant mode n of the bubble
oscillations and more specifically one might expect a streaming pattern with 2n lobes. However, this assumption
is a too large simplification and does not correspond to the complete results. Four example patterns, that
underline this statement, are shown in figure 4. It is true that we do observe 2n lobes, here 6 lobes for the
mode 3 in the upper right example and 8 lobes for the mode 4 in the lower right one. On the left side we see
however two examples for a mode 3 and 4 respectively, which lead to larger cross-like patterns.
Through classification of the different examples we found that the bubble size plays an important role in the
distinction between the two cases. For the mode 3, the example on the upper left of figure 4 showing a large
cross-like pattern corresponds to a bubble with a radius of ≈ 65µm, which is smaller than the resonant size of
the mode 3 (≈ 67µm). The example on the upper right of figure 4 showing a pattern with six lobes around
the bubble corresponds to a bubble with a radius of ≈ 70µm, which is larger than the resonant size of the
mode 3. The same observation can be made for mode 4 oscillations: smaller bubbles show large cross-like
patterns (lower left example of figure 4) and larger bubbles show lobes confined around the bubble (lower right
example of figure 4).
Possible reasons for this separation are the following. First of all, the modal content is not the same below and
above the resonant size Rres,n [9]. Furthermore, the equations of the surface dynamics reveal that different phase
lags may occur on either side of Rres,n.

The control of such streaming patterns might find application in different small-scale applications. For mi-
cromixing with acoustically excited bubbles it is helpful to understand the extent of the streaming, a relatively
small lobe-shaped pattern and a large cross-like one obviously not leading to the same effects on the sur-
rounding. Further applications can be found in medical field, where streaming may result for instance in the
permeabilization of a cell membrane (sonoporation). Controlling the extent of the streaming pattern can help to
localize the therapeutic effect.
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Figure 4. Four examples of microstreaming patterns. The upper row shows two examples for a mode 3, the
lower row two examples for a mode 4 (see snapshots of the respective dynamics in the respective inlets). Two
types of patterns are observed: the examples on the left are large cross-like patterns for bubbles that are smaller
than the respective resonant size (Rres,3 ≈ 54µm and Rres,4 ≈ 67µm), the examples on the right are confined
lobes patterns for bubbles that are larger than the respective resonant size. The radii are in the upper left case
R0 ≈ 65µm, in the upper right R0 ≈ 70µm, in the lower left R0 ≈ 53µm, and in the lower right R0 ≈ 55µm.

4 CONCLUSION
In the present work we show microstreaming around an acoustically trapped bubble. A large number of patterns
can be observed. A classification into two groups is possible, large mostly cross-like patterns and smaller
patterns with confined lobes. For modes 3 and 4 we observed that a distinction is obtained when classing them
according to the respective bubble size.
The finding of this work are expected to play a role in small-scale applications such as micromixing and medical
applications such as sonoporation.
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Nonlinear shear wave propagation to assess biomechanical properties in soft
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Abstract
Ultrasonic-based characterization of soft tissue is an emerging technology with great potential as a clinical di-
agnostic tool. There is evidence that abnormalities in the structural architecture of soft tissues are linked to a
broad range of pathologies including tumors, liver fibrosis, preterm birth...The present work derives different
theories of non-linear formulation of wave propagation using generalized and particular coordinates on a mate-
rial characterized by different strain energy functions. Afterwards, these formulations are adapted to simulate
the propagation of shear waves on nonlinear elastic materials to explain the properties of soft tissue when is
measured under these conditions. The resultant system of equations could be solved under a finite differences
framework and probabilistic inverse problem to explore how improves the understanding of soft tissues. The
response of the system varying the linear/non-linear parameters of the strain energy is obtained via Finite Dif-
ferences Time Domain simulation showing significant variations among the different models. Nonlinear wave
propagation approach implies a new paradigm to model the nonlinear biomechanical behavior of soft tissue
improving the plausibility versus previous elastic or viscoelastic predictions.
Keywords: Sound, Insulation, Transmission

1 INTRODUCTION
The nonlinear elastic field has introduced a great interest in the study of hard and soft tissues mechanics in the
last decades [17, 16]. The research in shear and longitudinal waves propagation in tissue starts at the beginning
of the second part of the twentieth century. The ultrasonic imaging in soft tissues begins when the use of
dynamic tests to ultrasonically estimate the compressibility and mobility of breast tumors was analyzed [25].
Ultrasonic shear elastography have been applied by in order to measure the linear and nonlinear elastic response
of hyperelastic tissues. The Static Elastography, originally proposed by Ophir et al. [18], has been successfully
used to measure nonlinear properties of vascular tissues or malingnant and beningn tumors of breast tissues
[7, 9]. Nevertheless, the results of this method are not satisfactory for organs or tissues which are deep or
difficult to compress as the strain profile may be uncertain. The Transient Elastography introduced by Stefan
Catheline [4] has been used, for example, to diagnose cirrhosis [5] and for assessment of hepatic fibrosis [21].
The Supersonic Shear Imaging (SSI) technique, presented in 2004 by Bercoff and Tanter [2], has also been
used to obtain the third and fourth order constants, A and D, respectively, of pig brain tissue or human breast
tissue. However, these studies were limited to ex vivo experiments [6, 20, 9]. Nowadays, the consideration of
torsional waves (they propagate radially and in depth) is a potential key due to the limitations of shear and
compressional waves [12]. Firstly, this typology of wave can propagate by quasi-compressible material and,
it is more sensitive to quantify the consistency changes, for example, in the case of tumors [23]. Secondly,
the variations of biomechanical parameters are more sensitive in the regime of low energy where this wave is
generated. Finally, torsional movement does not generate secondary interfering P-waves at the boundary of the
transducer where pure shear waves are difficult to create [12, 11]. A torsional ultrasonic transducer has been
used to measure nonlinear parameters of ligament tissue and the shear modulus of cervical tissue in pregnant
women [3].
The aim of this work is to elaborate a set of nonlinear formulations of a torsional and shear wave propagating
on a hyperelastic tissue defined from the Hamilton?s strain energy function and others [26, 13]. While the
quadratically nonlinear propagation of the torsional wave on a hyperelastic material has been studied [19], the
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consideration of new nonlinear terms in the equations is an open issue to consider experimentally en the future.

2 MATERIAL AND METHODS
2.1 Fundamentals
The Green-Lagrange strain tensor that governs the elasticity law is defined in terms of displacements in index
notation as,

εi j =
1
2
(ui, j +u j,i +uk,iuk, j) (1)

where the third term is related with geometrical nonlinearity. The physical nonlinearity is here focused on
hyperelastic materials, in which the strain energy function W is defined per unit reference (undeformed) volume
and acts as potential of the stress. The strain energy function is defined following the expression by Landau
and Lifshitz [10],

W =
λ

2
I2
1 +µI2 +

A
3

I3 +BI1I2 +
C
3

I3
1 (2)

where µ and λ are the Lame constants and A, B and C are the TOEC. I1, I2 and I3 are the invariants of the
Green-Lagrange strain tensor defined by Eringen et al. in 1974 [15],

I1 = trε = εii, I2 = trε
2 = εi jε ji, I3 = trε

3 = εi jε jlεli (3)

The expansion to fourth order of the energy density is necessary when the nonlinear effects in shear waves
are considered. This is because for incompressible media, nonlinearity at third order is missing in the particle
displacement [8]. This expansion is characterized by four new terms, yielding,

W =
λ

2
I2
1 +µI2 +

A
3

I3 +BI1I2 +
C
3

I3
1 +DI2

2 +EI1I2 +FI2
1 I2 +GI4

1 (4)

where D, E, F and G are the Fourth Order Elastic Constants (FOEC).
When the case of quasi-incompressible soft tissue media is analyzed, where λ >> µ , the strain energy function
is simplified to,

W = µI2 +
A
3

I3 +DI2
2 (5)

where A and D are the third and fourth order elastic constants, respectively [8].
The motion equation in the contravariant basis in the Lagrangian configuration is obtained in general coordinates
as,

∇i

[(
δ

i
j +∇ jui)S jk

]
= ρ

∂uk

∂ t2 (6)

This is the compact form of the momentum equation expressed in the Lagrangian configuration. To expand the
equation, several previous steps are required. The tensor including these derivatives multiplied by S jk gives as
a result another second kind tensor, ∇ jui ·S jk = C ik. Hence, Equation 6 can be reformulated as the divergence
of a tensor Bik which results,

∂Bik

∂ξ i +Bmk
Γ

i
mi +Bim

Γ
k
mi = ρ

∂uk

∂ t2 (7)

Note that for this particular case, the general coordinates are ξ 1 = r, ξ 2 = θ and ξ 3 = z, the Christoffel symbols
the configuration depends only on the velocity of the angular coordinate θ .
From other point of view, following where the series expansion concept put forth by Landau [10], only volu-
metric part is detailed in terms of the nonlinear acoustic parameter β as was explored recently [13].
There are four combinations of nonlinear acoustic parameters β that may explain a different scenario of experi-
mental calculations as in this case where the exploration of quasi-fluids nonlinearity is considered. The concept
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of the non uniqueness for the classical acoustic parameter β have been recently studied by Bender [1] but with-
out a physical explanation. The aforementioned combinations could be expanded as exploring the whole set of
combinations by quadratic terms as follows,

σi j =−3Kvδi j︸ ︷︷ ︸
pressure

+2µDi j︸ ︷︷ ︸
shear︸ ︷︷ ︸

σL
i j (Linear)

−3η
vv̇δi j︸ ︷︷ ︸

pressure

+2ηḊi j︸ ︷︷ ︸
shear︸ ︷︷ ︸

σV
i j (Viscous)

++9Kβ
vpv2

δi j +9Kβ
d pDkpDpkδi j︸ ︷︷ ︸

pressure

+4µβ
dsDikDk j +4µβ

csvDi j︸ ︷︷ ︸
shear︸ ︷︷ ︸

σNL
i j (Nonlinear)

(8)

where v and Di j are the volumetric and deviatoric parts of the stress respectively. Four nonlinear parameters
of first order have been defined as β vp,β d p as the volumetric, the deviatoric and the compound denoting the
pressure components and β ds,β cs as the deviatoric, and compound denoting the shear components. However in
the case of cuasi-compressible, when compressibility is much higher than shear moduli, it means K >> µ when
the volumetric nonlinear terms could be neglected,

σi j =−3Kvδi j︸ ︷︷ ︸
pressure

+2µDi j︸ ︷︷ ︸
shear︸ ︷︷ ︸

σL
i j (Linear)

−3η
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σV
i j (Viscous)

+9Kβ
d pDkpDpkδi j︸ ︷︷ ︸
pressure

+4µβ
dsDikDk j︸ ︷︷ ︸
shear︸ ︷︷ ︸

σNL
i j (Nonlinear)

(9)

With the aim to find a relationship between this nonlinear expansion of beta parameters and TOEC, we assuming
now that the strains are separated in volumetric and deviatoric part to the second order, so ε yields,

εikεk j = DikDk j; εi j = Di j; εk j = Dk j; εkp = Dkp; εpk = Dpk

By making use of Cauchy stress described in Equation 9, in nonlinear regime, an equivalence is deducted in
terms of Third Order Elastic Constants TOEC,

σ
NL
i j = DikDk j(A +4µ)+DkpDpkBδi j (10)

Since the relationship is established in the nonlinear constitutive equation, nonlinear acoustic parameters of first
order are explicitly deducted as follows in terms of Third Order Elastic Constants,

β
d p =

B

9K
; β

ds =
A +4µ

4µ
(11)

2.2 Experimental setup
A schematic view of the experimental setup is shown in Figure 1. The transmitter and receiver are located in
the same transducer as was explained in the previous sections. The measurements was taken as in transmission,
with guarantees perfect alignment along the propagation direction of sound. The response signals were sampled
with a high resolution A/D converter with amplification Fonestar without preamplification stage and saved for
post-processing. The transmitter was a torsional transducer manufactured in our END lab at University of
Granada.
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to the resulting average of 490 captures of the signal, providing an effective

reduction of noise for the detected response signal, increasing the signal-to-

noise ratio around 25 dB. Figure 3.2 depicts the experimental setup used to

record the ultrasonic signals.
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3.3. Semi-analytical approach

The measurements procedure consists of four steps. Initially, the response

signal was measured in water at two different positions corresponding to

locations ahead of and at the back of the specimen (steps 1 and 2 ).

Then, the response signals were measured with the specimen in situ along

the scanning area at both frequencies (steps 3 and 4 ).

In order to reconstruct the linear and nonlinear material’s properties of

the specimen under inspection, a semi-analytical approach is proposed by

considering the following assumptions: (i) the attenuation in the water layers

is negligible, (ii) the thickness a3 of water layer 2 is small, and thus the

nonlinearity can be assumed not to accumulate over this distance (i.e. �(3)
w ⇡

0) [10], (iii) only second harmonics are considered, and thus frequency-mixing

12

Figure 1. Experimental configuration for a nonlinear torsional transducer

We used an arbitrary generator (Agilent 33500) to drive the transmitter at different frequencies. The ultrasonic
excitation frequencies were arbitrarily chosen. Different frequency combinations were used: f1 = [600,800,1000]
Hz. The amplitude of the input signal at the frequency was increasing, [5,10] V. To avoid unwanted interference
effects in the propagation medium, even the risk of burning, we used short trains of pulses for excitation and a 8
ms pulse duration and 3 cycles. We investigated the generated waves as a function of distance. The transmitter-
receiver distance was a total distance of 2.43 mm. At the distance x from the transmitter, the pressure of the
fundamental, u(0)1 , and that of the generated harmonics, u(1)1 , were determined, for the different frequencies and
excitation levels.

Figure 2. Connective tissue and silicone mold during measurements and oscilloscope view

The material used in this experiment was the silicone mold as a first step. Secondly, a connective tissue was
explored with the transducer prototyped as is shown in Figure 2, with the characteristic amplitudes as in the
longitudinal waves.

3 RESULTS
By adopting the acoustic nonlinear constitutive equation presented above Equations 9 in terms of deviatoric a
volumetric parts, is possible to establish the three dimensional nonlinear equation of motion up to first-order
nonlinearity in terms of four parameters β . This formulation, implies that beta parameter is not unique and can
be defined as the separation between pressure and shear waves and it is solved under perturbation scheme as,

Bac3
s

x1A2
1ω1

= 3(9β
d pK +2β

ds
µ) (12)
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This results can be compared with the Zarembo ones [26].

β
τ
Z =

µ

ρ0
+

1
ρ

(
A

2
+B

)
(13)

So, converting β d p and β ds in the corresponding TOEC is posible to obtain a similar expression as,

β
T =

(B+A /2+2µ)

4(3K +4µ)
(14)

In order to validate experimentally the theoretical background, is necessary to design an experimental proce-
dure, for this purpose these results should be convert into a pressure magnitudes. Then, by making use of the
conversion to amplitudes of fundamental and first harmonics into transversal stresses, it is posible to calculate
the nonlinear shear parameters in terms of transversal stresses.
Then, torsional beta, β T could be defined by in terms of pressures and disaggregated in two parts, one due to
the liquid or water part and the other referred to collagen or fiber undulation part,

β
T =

(B+A /2+2µ)

4(3K +4µ)
=− ρc3

s T (1)
12

π f1x(T (0)
12 )2

(15)

where the relation 2π f = ω1 has been introduced and the relationship between pressure and displacements.

3.1 Experimental results
To obtain the experimental results in the case on torsional nonlinearity coefficient, is necessary to use the
following equation calculated from PZT-5 Piezoelectric material where elastic and electric field are coupled,

T12 =CE44S12 + e24E2 (16)

Neglecting elastic field to found a conversion factor between voltage and Pascal, 122.9 Pa was the multiplication
factor for the case of 10V and silicon mold. The conversion factor is formulated from the analytical simplified
model where piezoelectric and design material effects were considered interacting with two layers of tissue. For
this reason, the stress on the piezoelectric ceramic is approximately the stress on the tissue by a correction
factor αc,

T piezo
12 = αcT tissue

12 (17)

Parallel to this, to obtain αc transmission coefficient should be calculated, by making use of the energy of the
transmitter and receiver.

T =
4z1z2

(z1 + z2)2 =
energy,t
energy,r

(18)

where energy, t is the energy of the transmitter and energy,r is the energy of the receiver. Knowing the different
layers of the receiver, the stress and displacement ratios could be deducted as,

Tt = Ti
2zt

zi + zt
or ut = ui

2zi

zi + zt
(19)

The final experimental results are detailed in Table 1 and in Figures 3 where nonlinear torsional acoustic pa-
rameter β T was extracted for silicon mold, ligament tissue and liver tissue through the speed of sound of shear
waves cs, density ρ , shear modulus µ and transmission coefficient Z.
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Sample Energy Frequency ρ cs Z µ β T

(V) (Hz) (kg/m3) (m/s) (KPa)
Silicon mold 10 800 1100 13.2 13200 0.16 -400±3

Connective tissue 10 800 1000 90 90000 8.1 -8000±0.0
Liver tissue 10 800 1000 4 4000 0.016 -88±20

Table 1. Nonlinear torsional results for input frequency and amplitude f1 = 800 Hz and A= 5,10 V, respectively,
for silicone mold, connective and liver tissue.
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Figure 3. Nonlinear torsional signal and harmonics from silicon, connective and liver tissue for 10V.

3.2 Numerical results
The difficulty of finding the close form solution makes it necessary to the numerical method Finite Difference
Time Domain [22]. The boundary conditions are expressed in terms of velocities and stresses and geometrical
and mechanical symmetries have been taken into account. The displacements are permitted without any con-
straint and no stresses are created. In these boundaries the components of the second Piola-Kirchhoff stress
tensor are nil. The velocity is u̇θ = 0. The propagation of the signal cannot be simulated indefinitely along the
space. An issue arises when analyzing open space regions where the simulation domain must be limited. In
this work, to ensure that the boundary does not reflect the wave, an Absorbing Boundary Conditions ABC has
been considered in those boundaries where the stress is equal to zero and the wave can be reflected.
It can be noticed that the nonlinear curve does not have a purely sinusoidal behavior as the linear curve does.
Conversely, the ridges and valleys are slightly sloping, which is normal because of its nonlinear nature. The
Fast Fourier Transform (FFT) algorithm has been used to obtain the solution in the frequency domain. The main
remark about the frequency domain nonlinear response is that only odd harmonics are relevant. For instance,
for an excitation frequency of 500Hz, the first (500Hz), the third (1500Hz) and the fifth (2500Hz) harmonics
are clearly observable [14].
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Figure 4. Displacement uθ at the receiver (left column) and Fourier transform (right column) for a frequency
of: a) 500Hz, b) 1500Hz and c) 2000Hz. The parameters of the hydrogel are: A = 40kPa and D = 3000kPa.
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4 CONCLUSIONS
In this work, a set of formulations haven been developed from classical theories of nonlinear elasticity and
its derivation to cylindrical coordinates of the propagation of the torsional wave on a hyperelastic material.
For this reason, a breakthrough has been achieved in the field of ultrasound.The nonlinear classical acoustics
extension may be also applied to derive a solution that separates the nonlinear terms that are interpreted as
nonlinearity from the matrix and the nonlinearity from the fibers. This is an important conclusion with a main
novelty in tissue microstructure. The results suggest that these nonlinear terms that from now can be obtained
at real time describe the behavior of the tissue in a new scale. Although this works have contributed in some
way to advancing the understanding of ultrasonic nonlinearity, there are several aspects to be studied in the
future with potential impacts on biomedical research and understanding the mechanics of tissues. However, soft
tissues should be modeled as transverse isotropic, orthotropic or, more accurately, anisotropic materials. Another
important consideration is the viscosity of soft tissue both in linear and nonlinear regime.
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ABSTRACT 
Ray was a scientist in the classical sense: a creative intellect who sought the truth. He was also someone who 
had a profound impact on the career of many hearing scientists. Ray believed that to understand hearing it 
was necessary to replicate its behavior in a computer model. His first major contribution in hearing was the 
“Meddis Haircell”, and a series of papers exploring the adaptation of firing rate in auditory nerve fibers. 
These were accompanied by models of stream segregation, of pitch, of the segregation of concurrent vowels, 
numerous models of the processing of sound by neurons in the auditory brainstem, and a non-linear model of 
the basilar membrane. In later years, Ray became increasingly interested in hearing loss, and the role of the 
olivocochlear system. Technology also deserves a special mention: Ray’s models were implemented in 
silicon, evaluated using automatic speech recognition, and even inspired a smart-phone based hearing aid. 
Ray lives on in his work, but also his colleagues: those of us that learnt from him, worked with him, disagreed 
with (yes!), were influenced by his work, and shared his passion for models of the auditory system. 
 
Keywords: Ray Meddis, computational models, hearing 

1. INTRODUCTION 
Roll back to the 1980s (for me, at least): Live Aid, Dungeons and Dragons, and the 

BBC-microcomputer (32K, of course). But, though I didn’t know it yet, another 80’s classic, the 
Meddis Haircell (5), was going to be just as iconic and influential in my life.       

Ray was the first hearing researcher I met. In the 1990s he was unique in the UK: a full time 
auditory modeler (not one of those experimentalists who dabbled with models). I visited his labs, first 
at the University of Loughborough and then the University of Essex. Like anyone else who showed a 
passion for hearing, and especially models of hearing, he welcomed me warmly from the first day. And 
like for many others, meeting Ray Meddis was a pivotal event in my career.     

Ray’s own career in research did not begin with hearing. His PhD was on the psychometrics of 
mood, in which he studied the factor structure and correlations between different ratings of mood. 
Following this he published several articles about rank methods in statistics, before beginning a 
program of research into sleep, including publishing a book on his theories (7).  

Eventually, Ray discovered his calling: developing computer models of how we hear. For over 35 
years, Ray developed computer models of the auditory system, ranging from cochlear filtering to 
auditory scene analysis. In this article, I will attempt to provide a review of some of his (early) work, 
and the work that has had the greatest influence on my own. It is not possible to discuss all his work, 
and I apologize for that which has been omitted. Neither is it possible to provide the complete context 
of related work by other authors of the time (more apologies). However, I will attempt to mention some 
of the developments that followed Ray’s contributions, to indicate his influence.   

Overall, I wish to convey his creativity. He was a scientist who generated many ideas, about an 
aspect of the world that fascinated him. His ideas were not always right, but they were always of great 
intellectual value and utility, and served to push forward our understanding of the auditory system.  

2. THE PERIPHERY 
Ray’s work in hearing began with the auditory periphery, and this is the area of hearing in which he 

published the most papers (32 articles) and arguably had the most impact on the field (>2500 citations at 
the time of writing, according to Google Scholar).  

                                                        
1 christian.sumner@ntu.ac.uk 
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2.1 The “Meddis Haircell” 
The first publication in the field was a model of the inner haircell (IHC), and the adaptation of firing 

rate observed on the auditory nerve (5). The model simulated the sound driven release, and recycling 
of neurotransmitter at the IHC-auditory nerve synapse (Stage 5 in Figure 1). This model was 
remarkably successful in reproducing the firing properties of the auditory nerve.  

Previous models (reviewed in 4) had introduced increasingly complex arrangements of 
neurotransmitter reservoirs, in order to account for observed adaptation characteristics. His model 
proposed a process consistent with physiological evidence at other synapses: the recycling of 
neurotransmitter. The limited supply rate of new transmitter, and the limited rates of reuptake and 
recycling, all contributed to the adaptation and saturation characteristics of firing rate at the synapse. 
It also had acceptable input-output non-linearity, rectification and phase-locking properties. This is a 
good example of Ray’s modeling philosophy: that a model’s properties should emerge naturally from 
faithful modelling of the mechanism, rather than by engineering-in each property explicitly.   

Numerous modelling studies in the 1990s, including Ray’s, employed an initial bandpass filter to 
model the outer/middle ear transfer function, a linear Gammatone filterbank to model the mechanical 
filtering of the basilar membrane, and a haircell model. Often this was an array of “Meddis haircells”, 
or a subsequent model proposed by Westerman and Smith which performed quite similarly but was 
analytically tractable (8, 9). Either way, the result was a computationally efficient, and remarkably 
functional “auditory frontend” which could be used as the input to models of subsequent processing.     

These models were not without limitations. They did not capture the compressive nature of the 
cochlear filtering (due to the linear modelling of basilar membrane filtering). Nor could they account 
for the variation in firing rate as a function of level seen in different types of auditory nerve fibers. The 
Meddis haircell also phase-locked to higher frequencies that that of mammals. In 2002, Ray, myself, 
Lowel O’Mard and Enrique Lopez-Poveda published a revised IHC model (2) (Figure 1A). The 
incorporation of a biophysical model of the filtering by the haircell membrane (10) provided the 
further low-pass filtering to correctly model the phase locking seen both in the haircell itself and the 
auditory nerve.  

 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

A. Model schematic (2002)  

Figure 1. Models of the auditory periphery. A. A 
single channel of the DRNL and IHC model, 
reproduced from (2). B. Diagram showing the 
responses of the DNRL output (top) and the auditory 
nerve model output (bottom), to individual pure tones 
played at the CF of the DRNL filter: the contribution 
of the linear (L; grey) and non-linear (NL; black) 
pathways, and the effect of increasing the maximum 
calcium conductance at the synapse. C. The 
corresponding responses to pure tones of fixed level 
that vary in frequency. The upper panel in C shows 
the responses of the linear and non-linear path 
separately
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The 2002 model also proposed that Calcium channels at each synapse might determine the auditory 
nerve fiber type. It is well established that, in all synapses, depolarization of the cell membrane 
(neuron or haircell) leads to the influx of Calcium, which in turn leads to the release of 
neurotransmitter (Figure 1A, stage 4). Scaling the overall amount of Calcium (the number of ion 
channels) at a synapse could act as a “gain” mechanism to determine the spontaneous rate. 
Simultaneously, this determined the window of dynamic range over which the synapse operated, 
determining the threshold of the nerve fiber and the shape of the rate-level function (Figure 1B).  

Ray was passionate that wherever possible, the models should reflect mechanisms faithfully; that 
this would lead to more elegant models with more predictive power. At the time there was no 
experimental evidence to support the Calcium hypothesis for fiber type. Yet, recent data lend some 
support to this idea (11). This model also proposed that he number of vesicles of neurotransmitter 
ready for release at any one time was proposed to be small (~10), and this influenced the statistics of 
auditory nerve action potentials. Recent work has greatly expanded the range of spiking statistics that 
can be accounted for by models with as few as 4 quanta (12, 13).   

 

2.2 Basilar membrane filtering 
The Dual-Resonance Non-Linear (DRNL) filter, developed with Enrique Lopez-Poveda and Lowel 

O’Mard (14) to address the limitations of a linear filterbank, was a “non-linear bandpass” model (15). 
It proposed that the basilar membrane could be modeled as two parallel filter pathways (Figure 1A, 
Stage 2). The compressive pathway had a higher gain, and so determined the responses at low sound 
levels, producing the sensitive ‘tip’ of the tuning curve. The linear pathway was of lower gain, but 
because of the compression in the non-linear pathway, the output of the linear pathway dominated the 
overall output at high sound levels (Figure 1B). The linear-pathway produced the low-frequency tails 
of tuning curves, and led to a shift in center frequency with increasing sound levels (Figure 1C).  

The DRNL was straightforward to fit to basilar membrane laser interferometry data (16); it 
produced suppression effects and distortion products (14). It could also account for masking data in 
human subjects (17). In keeping with Ray’s modelling philosophy, several observed aspects of 
cochlear non-linearity, such as two-tone suppression and phase reversal, were emergent properties of 
the model. Furthermore, by changing a single parameter in the DRNL, one could control the gain of the 
“cochlear amplifier”. Thus it could stimulate outer haircell damage, or the efferent control by the 
medial oliviocochlear system, which synapses on to outer haircells, and modulate the energy that they 
can impart to BM motion (18, 19).  

The work of Ray, colleagues and others (20, 21) brought us the modern phenomenological cochlear 
model: capable of reproducing a great many of the known properties of the auditory periphery. In some 
instances such models can replace recordings from the auditory nerve, e.g.(22).  

Recent data has consolidated the view that human auditory filters are narrower than in typical 
experimental mammals (23). The controversy surrounding this arose in part because different 
psychophysical methods of estimating auditory filter widths give different estimates of cochlear 
tuning (24). To my knowledge, no model of the auditory periphery has yet successfully accounted for 
both ways of estimating cochlear tuning. Human models are necessarily are less constrained than those 
of animals; we do not know what human auditory nerve tuning curves look like. A well constrained 
model of the human periphery, which can account quantitatively for this difference, and for other data 
such as two-tone suppression, would surely be a valuable step in fully understanding how cochlear 
filtering influences human perception and communication.  

3. PITCH 

3.1 The autocorrelation model of pitch 
In 1991, Michael Hewitt and Ray produced the definitive computational model of pitch processing 

(25) and his most cited work (>600 citations at the time of writing). Based on the original 
autocorrelation model proposed by Licklider (26), this model encapsulated the development of this 
and contemporary theories at the time (27) concerning the importance of temporal coding of 
periodicity in the auditory system for determining our perception of pitch.  

The first stage of the model (Figure 2A) is a filterbank model of the auditory periphery similar to 
that already described. The autocorrelation stage then reveals the periodic variation in firing rate in 
each channel (Figure 2B, upper plot). These functions are pooled (i.e. averaged) across the filterbank 
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channels and a subsequent algorithm identifies the pitch from this pooled-autocorrelation function 
(Figure 2B, lower plot), often by finding the delay at which the highest peak occurs in the function. 
Several similar models were produced since from Ray and others, e.g. (28). Although addressing 
various limitations, a wide range of studies support that autocorrelation is a good model of pitch.            

In the intervening years, there has been no evidence of autocorrelation being performed in any part 
of the auditory pathway. Numerous alternative mechanisms have been proposed e.g. (29), but the 
puzzle of pitch remains.    

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

4. BRAINSTEM AND MIDBRAIN NEURAL MODELS  
Facilitated by their work on peripheral models, Ray and colleagues were well placed to study how 

the representation produced by the cochlea might be transformed by the brainstem and midbrain.  

4.1 Cochlear nucleus cells 
The cochlear nucleus (CN) is the first site of auditory processing in the central nervous s ystem. To 

a crude approximation, the CN can be considered as a set of parallel processing pathways operating on 
the input from the auditory nerve. Knowledge of the connections, and understanding of the role of 
these connections within CN continues to grow. However, the responses of some CN neurons can be 
understood from the way that they integrate information across multiple auditory nerve fibers, and 
their intrinsic membrane properties. Stellate cells receive innervation from a number of auditory nerve 
fibers with similar CFs. Below threshold they act as comparatively linear leaky-integrators of their 
inputs. In response to a pure tone stimulus they exhibit particular precision in the timing of the first 2-3 
action potentials. In a histogram of the timing of these spikes as a function of the time within the 
stimulus (a peri-stimulus time histogram; PSTH), this is visible as two or three distinct peaks at the 
beginning of the response (Figure 3B). Due to these peaks, these neurons are classified as ‘choppers’.  

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 3. Stellate cell model. A. Model 
Schematic (adapted from 3). B. Example 
of a sustained chopper (ChS) response 
from (adapted from 3). C. Coefficient of 
variation (CV) of the response in B and of 
a less regular transient chopper model 
adapted from (3). D. Phase-locking in a 
sustained chopper model to the frequency 
of a sinusoidally amplitude modulated 
tone, expressed as gain relative to the 
modulation in the stimulus waveform 
adapted from (6).  

Figure 2. The 
autocorrelation model 
of pitch. A. Model 
schematic adapted 
from (1). B. Example 
autocorrelation output, 
based on the model 
from Smith et al. (4). 
C. Pooled ACF 
function.  
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Chopper neurons vary in the degree to which the regularity of this spiking continues throughout the 
response to a pure tone. Evidence suggested that inhibition played a key role in determining this (30). 
Hewitt and Meddis (3) demonstrated further, that a single ‘integrate-and-fire’ type model neuron 
(Figure 3A) with no inhibition could reproduce this behavior, and regularity was dependent on the 
number of auditory nerve fibers innervating the neuron, the threshold and the current magnitude of the 
individual inputs.  

A further interesting property of this cell type was the way that it encoded the acoustic envelope. 
The mean firing rate of neurons in CN is generally insensitive to  frequency of amplitude modulation 
(AM). Rather, information about any modulation is encoded in the timing of spikes. This is not 
dissimilar to the way that auditory nerve fibers ‘phase-lock’ to low frequency carriers and AM. 
However, unlike the auditory nerve, phase-locking in individual chopper neurons is ‘tuned’ to specific 
modulation frequencies (31). Thus a logical hypothesis was that these neurons formed the first stage in 
an envelope extraction process in the brain, with different neurons being tuned to different modulation 
frequencies. Meddis and Hewitt (32) demonstrated that their simple stellate neuron model 
demonstrated similar phase-locking to the envelope as that observed in vivo.  

Computer models have continued to contribute to our understanding of processing in the CN. For 
example, models have shown how auditory nerve innervation contributes to the responses of  onset and 
primary-like neurons (33, 34), and have been instrumental in synthesizing how different membrane 
currents contribute to response properties (35-37). Models of stellate-cells also successfully predicted 
the existence of mode-locked (more complex patterns of synchronization to envelopes) spike trains in 
these neurons (38). Such models are now informing our understanding about the consequences of 
synaptopathy (39).  

4.2 Comodulation masking release 
Although many properties of cochlear nucleus cells appear to arise from their int rinsic membrane 

properties and their innervation via the auditory nerve, the importance of network processing in the 
CN is becoming increasingly clear (40). One of the best established sources of local connections in the 
VCN are the inhibitory connections provided by the D-stellates which are associated with 
‘onset-chopper’ responses. Ray and colleagues proposed that this wideband inhibitory circuit could 
enhance signals in noise, by providing inhibition which was time locked to wide-band envelope 
fluctuations, suppressing the response to the masker in conditions where a masker’s spectral energy 
was co-modulated across a wide frequency range. This lead to an effect similar to the psychophysical 
phenomenon known as co-modulation masking release (41, 42). This work highlighted how models of 
the VCN could yield meaningful predictions about circuit processing, as has been more frequently 
demonstrated in the dorsal region of CN, e.g. (43). Evidence continues to accumulate of circuitry in 
VCN, e.g. (44). Perhaps the next frontier is to bring these models together at a large scale, e.g.(40). 
With ever more computational power, simulating the entire cochlear nucleus may be sight.  

4.3 Coincidence detection in the midbrain  
One of the most controversial debates in the encoding of modulation has been the topographical (or 

periodotopic) arrangement of neurons in the inferior colliculus (IC) which, unlike in the CN, show 
rate-tuning to modulation frequency (45). The contribution of Hewitt and Meddis (32) was to show a 
possible way in which this firing rate sensitivity might arise from temporal modulation tuning of 
cochlear nucleus stellate cells, which project to the IC. In this model, the firing rate-tuning is 
determined by the temporal tuning of a number of CN neurons converging onto one IC neuron. The 
converging CN neurons have similar temporal tuning. Their locking to the envelope is most coincident 
when stimulated with modulation frequencies close to the peak in the tMTFs of the CN model neurons. 
Thus, the firing rate of the IC neuron increases close to the tMTF peaks in the CN stellate cells 
projecting to it. The model was effective at reproducing the rate-sensitivity of IC neurons, and the 
effects of sound level on those functions (45). It is clear, e.g. (46, 47) that several other factors can also 
influence modulation tuning in the IC. Nevertheless this model demonstrated that it was relatively 
simple to transform the temporal coding in the brainstem into a rate code in the midbrain.  

4.4 A chopper neuron based pitch model  
The possible role of cochlear nucleus stellate cells and coincidence detection in the IC for pitch 

processing was subsequently investigated by Weigrebe and Meddis (48) and Meddis and O’Mard (49). 
Their model was proposed as a physiologically plausible equivalent of the previous autocorrelation 
model, with a similar overall architecture, but with different individual components. In place of an 
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autocorrelation operation, for each frequency channel of the cochlear filterbank there was an array of 
cochlear nucleus stellate cells. This was followed by a layer of inferior colliculus coincidence 
detectors, individually tuned to the range of pitch periods required. Duplicated across the frequency 
range of the cochlea, this created a two-dimensional ‘correlogram-like’ map of the periodicities 
present in each frequency range. A subsequent set of across-frequency integrators for each delay 
tuning, also presumed to be in the IC, formed the equivalent of the pooled-autocorrelation function 
from which pitch judgements were to be made. This stellate cell model and the subsequent stages in the 
IC demonstrated sensitivity to variations in stimuli consistent with pitch, such as the ability to extract 
the pitch from a harmonic complex with a missing fundamental or sensitivity to linearly shifted (i.e. 
inharmonic) components. This study stands as a valuable addendum to autocorrelation models of 
pitch: the brain does have the computational facility to process the cues for pitch. The potential of 
coincidence detection for processing pitch has now been demonstrated several times, e.g. (50-52).  

5. FINAL REMARKS  
This short article has focused on a subset of Ray’s work. It omits many other contributions by him, 

his colleagues, and does a poor service to many other scientists who shared his passion and inspired 
him. Ray had a tremendous influence on not only the research but the lives of individuals. He cared 
deeply not only about the topic but also the people he worked with, mentored, and his colleagues in the 
wider community. One last point: Ray began his work in hearing, creating models of the auditory 
system was a relative rarity. Today, complex numerical methods and computational models are 
indispensable and standard tools. This means there are more opportunities for the next generation of 
auditory modelers to follow in the footsteps of Ray. I’m pretty sure he would be happy about that.      
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ABSTRACT 
Computational modeling plays an important role in the investigation of acoustic information processing 
along the auditory system. Recent studies found that a relatively simple neuronal model, which produces 
action potentials depending on the count and timing of modeled synaptic inputs, can simulate a number of 
response features of auditory brainstem neurons, such as interaural time and intensity difference coding in the 
lateral superior olive. Here we review this simple coincidence detector model and discuss its possible 
applications to several other types of auditory neurons. Our application targets include principal neurons in 
the medial superior olive that change their number of action potentials according to interaural time 
differences and globular bushy cells in the anteroventral cochlear nucleus that show enhanced phase-locking 
to low frequency tones than auditory nerves. Because of its computational efficiency, the model is also 
suitable for large-scale simulations that typically include thousands of neurons to study, for example, 
across-frequency integration and the resulting perception of binaural sounds. Further modifications of the 
model for better biological plausibility, such as introducing an adaptive threshold, are also discussed.  
 
Keywords: Physiological model, Auditory brainstem, Binaural neurons, Sound localization  

1. INTRODUCTION 
Modeling is a fundamental tool in theoretical studies of acoustic information processing in the 

brain. Models of binaural neurons, for example, allow us to investigate how these neurons integrate 
synaptic inputs originating from the two ears to detect binaural cues, such as the interaural time and 
level differences (ITDs/ILDs). A variety of models were created to simulate the functions of binaural 
neurons (reviewed in 1, 2).  

Previous neuroscientific studies have revealed that mammals have specialized neuronal circuits in 
the brainstem to encode ITDs and ILDs (3). Ascending auditory nerve fibers project to spherical and 
globular bushy cells (SBCs/GBCs) in the anteroventral cochlear nucleus, which in turn innervate to 
several nuclei of the superior olivary complex (Figure 1A). SBCs send their excitatory inputs 
bilaterally to the medial superior olive (MSO) and ipsilaterally to the lateral superior olive (LSO). 
GBCs drive neurons in the contralateral medial nucleus of the trapezoid body (MNTB) that makes 
inhibitory projections to the ipsilateral MSO and LSO. 

Neurophysiological recordings in vivo showed that phase-locking to low frequency tones (<1 kHz) 
in SBCs and GBCs is better than that of auditory nerves (4). The principal neurons of MSO vary its 
spiking output according to ITDs, by detecting the time difference of its ipsi - and contralateral 
excitatory synaptic inputs (3, 5). An LSO neuron, which is excited by ipsilateral sound and inhibited 
by contralateral sound, changes its spike rate depending on ILD. In addition, the output spike rate of a 
low-frequency LSO neuron is also affected by ITDs (6). 

Depending on the purposes of modeling, neuron models can be simple or complex (7). Our previous 
study that compared different types of physiological models of LSO neurons revealed that both 
functional shot-noise models and more physiologically complex Hodgkin-Huxley-type models 
produce very similar results if they are calibrated with common criteria (8). Based on these results, we 
here aim to simulate the physiological functions of MSO, LSO and GBC using a computationally 
simple model. The model introduced in this study allows us to focus on the input -output relations of 
these neurons without considering their subneuronal, biophysical details.  
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Figure 1 – A. Circuit diagram of the binaural circuit in the auditory brainstem. AN: auditory nerve; GBC: 

globular bushy cell; SBC: spherical bushy cell; MNTB: medial nucleus of the trapezoid body; MSO: medial 

superior olive; LSO: lateral superior olive. The inhibitory connection from MNTB to MSO (shown in gray) is 

not considered in the model here. B. Schematic description of the coincidence counting model. Each vertical 

bar represents a spike. Excitatory inputs (blue: ipsilateral; purple: contralateral) are summed in the 

coincidence window (vertical gray rectangles). If the number of input counts reaches the threshold (three in 

this example), an output spike is generated. The number of inhibitory inputs (red) occurring in the inhibition 

window (vertical dotted rectangle) is weighted and subtracted from the excitatory input counts. An output 

spike that is too close to a preceding spike is rejected by the refractory period (small black arrow).   

2. METHODS 

2.1 Coincidence Counting Model  
The general structure of the coincidence counting model (8, 9, 10) is shown in Figure 1B. The 

model receives multiple excitatory inputs (possibly from various sources: blue and purple) and 
inhibitory inputs (red). A coincidence window (vertical gray band in Figure 1B) slides along the time 
axis. When the number of excitatory inputs in the coincidence window reaches or exceeds the 
threshold, an output spike is generated (green). If multiple threshold crossings occur within the 
refractory period, then only the first spike is counted, and the others are discarded (small arrow). 
Effects of inhibition were modeled as subtraction of excitatory inputs (or, equivalently, as an increase 
in threshold) for a certain time length (dotted vertical band). Detailed descriptions and analyses of the 
model were presented in (8, 9). We apply this model to MSO, LSO and GBC.  
2.1.1 MSO Model 

The MSO model receives ipsilateral and contralateral excitatory inputs. For simplicity, we here did 
not consider inhibitory inputs to MSO as in most previous studies (1, 10). To account for the non-zero 
peak position of the rate-ITD tuning curve, an internal (neuronal) delay between the ipsi- and 
contralateral inputs was used. Consequently, the parameters of the MSO model are the numbers of ipsi - 
and contralateral inputs, excitatory input threshold, length of the coincidence window, the length of the 
refractory period, and the size of the internal delay. Ipsilateral and contralateral inputs are assumed to 
share the same coincidence window and threshold. In this study, we did not consider monaural 
response of MSO neurons. Therefore, we did not use distinct monaural and binaural thresholds that 
were introduced in a previous study (10).  
2.1.2 LSO Model  

The LSO model receives ipsilateral excitatory inputs and contralateral inhibitory inputs, but not 
contralateral excitatory inputs (8, 9). To account for the non-zero trough position of the rate-ITD 
tuning curve, an internal (neuronal) delay between the ipsi- and contralateral inputs was used. The 
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parameters of the LSO model are the numbers of ipsi- and contralateral inputs, excitatory input 
threshold, length of the coincidence window, length of the inhibition window, amplitude of inhibition 
(i.e., how many excitatory inputs are cancelled by one inhibitory input),  the length of the refractory 
period, and the size of the internal delay.  
2.1.3 GBC Model  

The GBC model receives only ipsilateral phase-locked excitatory inputs and no contralateral or 
inhibitory inputs. Its parameters are the numbers of inputs, excitatory input threshold, length of the 
coincidence window, and the length of the refractory period.  

2.2 Phase-locked Input Model  
We here consider only tone-evoked, sustained responses of MSO/LSO neurons and GBCs. To 

simulate phase-locked spike trains of their inputs, we used an inhomogeneous Poisson process 
combined with the von-Mises distribution function as its intensity function (9, 11). The degree of 
phase-locking, measured as vector strength (VS: 12), is mathematically related to the concentration 
parameter of the von-Mises distribution (11). The input model is thus characterized by the frequency, 
the average spiking rate, and the degree of phase-locking. 

 

 

Figure 2 – Simulated ITD tuning of MSO. Model output (blue) is compared with experimental data (gray) by 

Yin and Chan (5). Parameters used are: (A) Frequency: 500 Hz; number of excitatory inputs: 4 (each side); 

excitatory input rate: 300 spikes/sec; VS of excitatory inputs: 0.9; binaural coincidence threshold: 2 inputs; 

coincidence window: 0.25 ms; refractory period: 1.6 ms; relative input delay: 0.06 ms (ipsilateral input 

lagging). (B) Frequency: 1000 Hz; number of excitatory inputs: 6 (each side); excitatory input rate: 300 

spikes/sec; VS of excitatory inputs: 0.85; binaural coincidence threshold: 2 inputs; coincidence window: 0.08 

ms; refractory period: 1.6 ms; relative input delay: 0.10 ms (ipsilateral input lagging). 

 

3. RESULTS AND DISCUSSION  

3.1 MSO Model - ITD Tuning  
The model MSO neuron receives ipsi- and contralateral excitatory inputs arriving with time 

differences that depend on ITD and internal delay. Simultaneous arrivals of the inputs from the two 
sides result in a high output spike rate. The rate-ITD curves of the model (after parameter fitting) 
resembled those obtained in cat in vivo recordings (Figure 2). The peak position of the model tuning 
curve is determined by the internal delay, which is one of the model parameters. Without this delay, the 
model always produces a peak at zero ITD, because ipsi- and contralateral inputs are temporally 
symmetric with each other.  

Previous in vivo recording studies indicated that inhibitory inputs from MNTB to MSO (3) as well 
as input history (13) affect the peak location of an ITD-tare tuning curve. Our minimalistic MSO 
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model, which does not explicitly simulate these effects, can nevertheless simulate the overall shape of 
the tuning curve (Figure 2), because the effect of peak shifting by various sources (of cochlear, axonal, 
synaptic, or neuronal origins) was simply incorporated into the relative delay of the inputs from the 
two sides.  

 

 

Figure 3 – Simulated binaural tuning of LSO: (A) ITD and (B) ILD. Model output (blue) is compared with 

experimental data (gray) by Tollin and Yin (6). Parameters used are: (A and B) Frequency: 566 Hz; number of 

excitatory inputs: 18; number of inhibitory inputs: 8; VS of excitatory inputs: 0.9; VS of inhibitory inputs: 

0.9; coincidence threshold: 12 inputs; coincidence window: 0.4 ms; inhibition weight: 1 excitatory input; 

inhibition window: 0.8 ms; refractory period: 1.6 ms; relative input delay: 0.1 ms (contralateral input 

lagging). (A) Excitatory input rate: 300 spikes/sec; inhibitory input rate: 300 spikes/sec. (B) Excitatory 

(ipsilateral) input rate: 250 spikes/sec; ipsilateral level: 40 dB SPL. Inhibitory input rate was defined with a 

sigmoidal function of the sound intensity as 30 + 330/(1+exp(-(Lc-30)/4)) (spikes/sec), with Lc being the 

contralateral level in dB SPL.  

 

3.2 LSO Model - ITD and ILD Tuning  
The model LSO neuron receives ipsilateral excitatory inputs and contralateral inhibitory inputs. 

Because these inputs are phase-locked (if stimulated with low-frequency tones), the LSO model 
change its spike rate in not only an ILD- but also an ITD-dependent manner (Figure 3). Similar 
ITD-dependent spike-rate changes were observed in LSO neurons driven by binaural 
amplitude-modulated tones and were explained with (anti)coincidence detection between excitatory 
and inhibitory inputs (9).  

Although the model ITD-tuning curve follows the overall trend of the ITD-dependence of the 
experimental data (Figure 3A), not all details could be simulated. First, the simulated ITD -tuning 
curve is more symmetric about the trough position than the experimental data, probably because 
synaptic input shapes are temporally symmetric in the model but not entirely so in the real system (8). 
Second, the two peaks of the cat data (at about -0.7 ms and +0.9 ms) are different in height (Figure 3A, 
gray), while the model predicted the same heights (Figure 3A, blue). We suspect that the asymmetry in 
the reference data is primary due to trail-to-trial variability, because LSO neurons driven by 
amplitude-modulated tones usually show more symmetric ITD-tuning curves (14).  

Recent in vivo intracellular physiological recordings combined with anatomical characterizations 
found that neurons in LSO can be subdivided into several groups (15). Principal cells respond only at 
the onset of tonal stimuli, while non-principal cells respond in a more sustained manner, which was 
long (and wrongly) regarded as the canonical response pattern of representative LSO neurons. The 
model needs to be re-tuned to be able to simulate the onset-type responses of LSO principal neurons, 
which show only marginal dependence on ILDs to sustained tones.  
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Figure 4 – Simulated phase-histograms at 500 Hz (A), 1500 Hz (B), and 4500 Hz (C). Inputs from AN are 

shown in red and the GBC outputs are shown in blue; corresponding VS values are also shown. Parameters 

used are: (A, B, and C) Number of excitatory inputs: 20; excitatory input rate: 250 spikes/sec; coincidence 

threshold: 5 inputs; coincidence window: 0.5 ms; refractory period: 1.4 ms.  

3.3 GBC Model - Enhancement of Phase-locking  
A GBC receives converging inputs from auditory nerves (16), which results in the improvement of 

phase-locking compared to auditory nerve inputs (17). This effect can be simulated in our model 
(Figure 4A). The enhancement of phase-locking is limited at low frequencies (typically 1 kHz or 
below) (Joris et al., 1994). Such frequency dependence is also seen in the model (Figure 4B), although 
the degradation of phase-locking at high frequency may not be as severe in the model as in experiments 
(Figure 4C).  

Another prominent response characteristic of the GBC is the so-called "primary-like-with-notch" 
peristimulus time histogram, in which an onset peak of spiking activity is followed by a short pause 
and a gradual decrease (4, 18). However, since our goal here was to simulate the sustained activity of 
auditory neurons, we did not take the onset activity into account. To more faithfully simulate transient 
responses of GBCs, the model may need to include additional components such as an adapting 
threshold (19).  

3.4 Limitations and Possible Modification of the Model  
Despite its simplicity, the model we used can simulate fundamental temporal properties of MSO 

and LSO neurons and GBCs. The computational time required for the model was below 1% of that for 
a Hodgkin-Huxley-type model (8). This computational efficiency will allow us to calculate the 
responses of thousands of neurons simultaneously in future large-scale simulations, complementing 
the existing model framework using more complex models (20). Neurons in the cochlear nucleus 
neurons are physiologically and morphologically categorized into several groups (4, 2 1). Application 
of this simple model to neurons other than GBCs will be the topic of a future study.  

Comparisons of the model outcome with experimental data obtained in vivo revealed that the 
simulated tuning curves are in general more symmetric than empirical tuning curves (Figure 3). In 
addition, the model GBC may represent better phase-locking than real neurons at high frequencies 
(Figure 4C). Several reasons may underlie these discrepancies. First, the modeled synaptic input is 
rectangular and reaches its maximum instantaneously at the onset, while real synaptic inputs of these 
neurons are temporally asymmetric and also subject to jitter (e.g., showing variability in amplitude and 
arrival time). To make the model more physiologically plausible, modifications of the input shape 
would be necessary but at the cost of reducing computational simplicity (7, 8).   

4. CONCLUSIONS  
In this work, we presented a simple coincidence counting model that can be applied to several types 

of auditory brainstem neurons, such as MSO, LSO and GBC. More specifically, ITD tuning of MSO 
and LSO, ILD tuning in LSO, and enhancement of phase-locking in GBCs were simulated. Because of 
its computational efficiency, the model can complement existing more complex models especially 
when the input-output function, but not the subneuronal biophysics, is the main focus of the simulation. 
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By modifying the shape of synaptic inputs, the model could gain a better physiological plausibility at 
the cost of partly losing its computational efficiency.  
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ABSTRACT 
The calyx of Held synapse is a giant axosomatic synapse in the brainstem that functions as a fast and reliable 
auditory relay. Because of its large size, the presynaptic action potential can be picked up in a recording of the 
postsynaptic cell. This so-called prespike is caused by the ephaptic coupling of presynaptic membrane 
currents via the synaptic cleft. We constructed an electric model of the prespike and estimated values for the 
leak conductance of the synaptic cleft, the capacitance of the release face and the presynaptic calcium current 
density based on simultaneous pre- and postsynaptic voltage clamp recordings. These values allowed us to 
estimate an impact of presynaptic capacitive and ionic currents on the cleft potential, and suggested that 
fenestration of the calyx of Held during development might be important to further reduce the cleft leak 
conductance of the cleft to minimize its impact on the presynaptic calcium channels.  
 
Keywords: Ephaptic coupling, Synaptic transmission, Calyx of Held 

1. INTRODUCTION 
The calyx of Held synapse is a fast and reliable relay in the auditory brainstem. It forms between a 

globular bushy cell and a principal neuron of the medial nucleus of the trapezoid body. Each principal 
neuron is typically contacted by a single, giant, axosomatic terminal called the calyx of Held. The 
accessibility of this giant terminal for patch-clamp slice recordings has allowed it to become a model 
system for studying mammalian synaptic transmission (1). During whole-cell patch clamp recordings 
of the principal neurons a prespike can be detected, which reflects the presynaptic action potential 
(AP) (2). This prespike is an example of ephaptic synaptic coupling (3), as it is generated by 
presynaptic membrane currents involved in calyceal AP generation leading to a change in the cleft 
potential, which is then detected in the postsynaptic cell. The shape of the prespike can thus be 
informative about the shape of the intracellular calyceal action potential and the local presynaptic 
membrane currents flowing at the release face. Indeed, analysis of the in vivo shape of the prespike has 
been used to infer differences in calyceal spike depression in a mouse model for the 
neurodevelopmental disorder Angelman syndrome (4). However, despite the wealth of knowledge 
about the calyceal AP and its underlying voltage-dependent ion currents, the relation between the 
postsynaptically recorded prespike waveform and the presynaptic ion currents during the calyceal AP 
has not yet been studied. Here, we therefore revisit simultaneous voltage clamp recordings from the 
calyx of Held and its postsynaptic target (5) to evaluate the generation of the prespike. These 
recordings helped to define a simple biophysical model of the prespike and to better delineate the 
electrical properties of the synaptic cleft and the subcellular localization of presynaptic ion channels. 

2. METHODS 

 Recordings 2.1
Simultaneous presynaptic current clamp and postsynaptic voltage clamp recordings from the rat 

MNTB (Figure 1A) were originally described in refs. (6, 7). The simultaneous pre- and postsynaptic 
voltage clamp recordings were originally described in ref. (11). Except for some details not provided 
in the Methods sections of these papers, we therefore refer to them for experimental details. 
Recordings were corrected for a 0.1 ms difference in delay due to differential filtering (10 kHz for 
presynaptic current clamp recordings and 3 kHz for postsynaptic voltage clamp recordings). The 
second derivative of the presynaptic action potential waveform (APW) command was filtered to 1.5 
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kHz with a Gaussian filter to better match the recorded postsynaptic signal. To minimize interference 
by the EPSCs evoked by the presynaptic calcium currents, we used the last 30 stimulations of a 50 
APW train. At the stimulation rate of 100 Hz, the EPSCs evoked by these stimuli were substantially 
depressed. The bi-exponential fit of the decay of the preceding EPSC was subtracted from the 
postsynaptic currents. The remaining current, which we call the active prespike, was averaged. The 
passive prespike was estimated by summing the presynaptic P/5 stimulations.  

 Model 2.2
Inspired by a published model (8), we designed an electrical circuit model to mimic the current flow 
underlying the postsynaptically recorded prespike at the calyx of Held synapse (Figure 1B). We 
assumed that the prespike is generated exclusively by currents that flow through the synaptic cleft. 
According to Kirchhoff’s first law, the current that flows from the presynaptic release face into the 
cleft must be equal to the sum of the current that leaks out of the cleft and the current that flows into the 
postsynaptic cell. The presynaptic current consists of a capacitive current across the capacitance 
contacting the synaptic cleft (cpre) and the currents via ion channels (Ich), which includes voltage-gated 
sodium channels (VGSCs), voltage-gated high-threshold potassium channels (HTKs), voltage-gated 
low-threshold potassium channels (LTKs) and voltage-gated calcium channels (VGCCs). The current 
can escape the cleft via an ohmic leak conductance (gleak) or enter into the postsynaptic cell via the 
membrane capacitance that is in contact with the synaptic cleft (ccp) or via a synaptic conductance 
(gsyn). The changes in the cleft potential (Vcl) will have an impact on the capacitive currents, on the 
driving forces of the conductances and on the voltage-dependent channel kinetics. The ionic current 
from the synaptic cleft into the postsynaptic cell is assumed to have a reversal potential of 0 mV. This 
will give us two differential equations, one for the synaptic cleft: 
 

�𝑐𝑐𝑝𝑝𝑝𝑝𝑝𝑝 + 𝑐𝑐𝑝𝑝𝑝𝑝�
𝑑𝑑𝑉𝑉𝑐𝑐𝑐𝑐
𝑑𝑑𝑑𝑑

= 𝑐𝑐𝑝𝑝𝑝𝑝𝑝𝑝
𝑑𝑑𝑉𝑉𝑝𝑝𝑝𝑝𝑝𝑝
𝑑𝑑𝑑𝑑

+ 𝑐𝑐𝑝𝑝𝑝𝑝
𝑑𝑑𝑉𝑉𝑝𝑝𝑝𝑝𝑝𝑝𝑝𝑝
𝑑𝑑𝑑𝑑

− 𝑔𝑔𝑙𝑙𝑝𝑝𝑙𝑙𝑙𝑙𝑉𝑉𝑝𝑝𝑙𝑙 − 𝑔𝑔𝑠𝑠𝑠𝑠𝑠𝑠�𝑉𝑉𝑝𝑝𝑙𝑙 − 𝑉𝑉𝑝𝑝𝑝𝑝𝑠𝑠𝑑𝑑� −  ∑ 𝐼𝐼𝑝𝑝ℎ   (1), 
 
and one for the postsynaptic cell, which includes a resting conductance (gpost) that sets its resting 

membrane potential (Vrest) :  
 

𝑐𝑐𝑝𝑝𝑝𝑝𝑠𝑠𝑑𝑑
𝑑𝑑𝑉𝑉𝑝𝑝𝑝𝑝𝑝𝑝𝑝𝑝
𝑑𝑑𝑑𝑑

= 𝑐𝑐𝑝𝑝𝑝𝑝
𝑑𝑑𝑉𝑉𝑐𝑐𝑐𝑐
𝑑𝑑𝑑𝑑

− 𝑔𝑔𝑠𝑠𝑠𝑠𝑠𝑠�𝑉𝑉𝑝𝑝𝑝𝑝𝑠𝑠𝑑𝑑 − 𝑉𝑉𝑝𝑝𝑙𝑙� − 𝑔𝑔𝑝𝑝𝑝𝑝𝑠𝑠𝑑𝑑�𝑉𝑉𝑝𝑝𝑝𝑝𝑠𝑠𝑑𝑑 − 𝑉𝑉𝑝𝑝𝑝𝑝𝑠𝑠𝑑𝑑�   (2). 
 
We assumed throughout that the presynaptic and postsynaptic capacitance facing the cleft were equal. 
These capacitances were calculated from the surface area by multiplying their contact area with the 
specific membrane capacitance (Cm). Values of the parameters for each model are listed in Table 1. 
Models for VGSCs, HTKs and LTKs were taken from ref. (9). Maximal conductance densities were 5.8 
nS µm-2 and 0.7 nS µm-2 for gHTK and gLTK, respectively (9). The sodium channel density was adjusted 
to generate a 10 nA peak current with our AP template (10), and this conductance was distributed over 
20 pF, giving a density of 0.4 nS µm-2

. For the VGCCs we used the Hodgkin-Huxley model described 
by ref. (11) for the calyx of Held. Maximal conductance was adjusted to generate a charge transfer of 
1 or 0.75 pC and was 0.12 or 0.09 nS µm-2, respectively. The model values correspond to room 
temperature kinetics. In all simulations, the postsynaptic resting potential was set to -70 mV, and the 
Nernst potentials for Na+, K+ and Ca2+ were set to +50, -90 and +40 mV, respectively. Changes in Vcl 
were taken into account when calculating the driving force. Total postsynaptic capacitance (cpost) was 
25 pF, gpost was 4 nS and gsyn was 0 nS. Contact area to the cleft was set to 520 μm2 and cleft leak 
conductance was set to 0.83 μS unless they were varied to assess their contribution. These values give 
a cleft time constant of 6 μs and a transfer constant of 0.03 fA V-1 s2, which was in the same range as 
the experimental values. 

Presynaptic APs were simulated using the same AP template that was used to elicit presynaptic 
calcium currents, unless noted otherwise. To calculate the transfer constant from our simulations, we 
changed the timing of the AP template to have a second derivative peak value of 1.67, 2.00, 2.32, 2.65 
and 3.17 MV s-2. The slope from the line fit between the AP’’ peak values and the maximal 
postsynaptic response was used as the transfer constant (Figure 2B). Line fits were always near-perfect 
(r > 0.999). To estimate the time constant, the AP template for presynaptic calcium currents was used 
to simulate the calcium current and the postsynaptic prespike with the only-VGCCs-model at a density 
of 0.11 nS μm-2. The passive prespike was simulated using the capacitive-only model. The time 
constant was estimated as shown in Figure 2E for an experimental example.  
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Differential equations were numerically solved using the function IntegrateODE of Igor Pro 6.37 
(Wavemetrics) at its default settings. Channel states were initialized at the values reached after 3 ms at 
the first point of Vpre. 

Data are presented as mean ± standard deviation. 
 

Table 1. Default model parameters for simulations.  

  Homogen. No 

VGSCs 

Only 

VGCCs 

Cap.- 

only 

 

Max. VGSC conductance gNa 0.65 0 0 0 nS μm-2 

Max. HTK conductance gHTK 5.8 5.8 0 0 nS μm-2 

Max. LTK conductance gLTK 0.7 0.7 0 0 nS μm-2 

Max. VGCC conductance gCa 0.09 0.09 0.09 0 nS μm-2 

       

3. RESULTS 

 An electrical circuit that generates prespikes 3.1
As the prespike is generated by currents that flow from the calyx to its target neuron, we simulated 

an electrical circuit in silico consisting of the terminal’s release face, a synaptic cleft that is isolated 
from the reference by a leak conductance, and a passive neuron that partly faces the synaptic cleft. We 
did not include a resistive connection between calyx and target since capacitive currents are likely to 
dominate the postsynaptic currents during the prespike: the admittance for 500 Hz across an area of 
1000 µm2 is 31 nS (2πfCmA), which is much larger than the postsynaptic resting conductance of 4 nS, 
while no physiological evidence for gap junctions (12) has been found at the calyx of Held synapse. 
The model is illustrated in Figure 1. If we disregard any currents through presynaptic ion channels 
facing the release face, the cleft potential should be proportional to the presynaptic capacitive current, 
which is proportional to the first derivative of the presynaptic AP waveform (AP’). In voltage clamp, 
the currents during the prespike will be dominated by capacitive currents, which are proportional to the 
first derivative of the cleft potential. Under these conditions, the prespike should therefore match the 
scaled, inverted second derivative of the presynaptic AP. 

 

  
 

Figure 1 – Model circuit to simulate the prespike. (A) Drawing of the calyx of Held synapse. The calyx of 

Held terminal (‘pre’) covers a large area of the soma of its target neuron (‘post’). In between is a small 

space, called the synaptic cleft, where membrane currents will flow during a presynaptic AP. (B) An 

electrical circuit for the capacitive and resistive currents that flow from the presynaptic membrane into the 

postsynaptic cell to generate a prespike. 
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Figure 2 – Relation between the calyceal AP and the prespike. (A) Left column, from top to bottom: AP 

recorded from the calyx of Held, inverted first and second derivatives, and postsynaptic voltage clamp 

recording showing the accompanying prespike. Insets show on a longer time scale the same presynaptic AP 

(top) and the postsynaptic EPSC (bottom) elicited by the calyceal stimulation. Right: Only VGCCs-model 

results. Vertical scale bars (from top to bottom panels): 80 mV, 0.8 kV/s, 8 MV/s2, 0.2 nA. Horizontal: 0.5 

ms. (B) Relation between the delay between the first negative and positive peak of the prespike and the first 

two peaks in the first (blue) and second (black) derivative of the presynaptic AP. Dashed line is the identity 

line. (C) Relation between the prespike and the second derivative shown in A. Maximum correlation was 

obtained when delaying the second derivative by 90 μs. Blue line shows the regression line with a slope 

(‘transfer constant’) of 0.019 fA V-1 s2. (D) Left column, from top to bottom: Presynaptic calcium current 

(after P/5 subtraction), its first derivative, postsynaptic currents (black) plus passive prespike (blue), 

difference between active and passive prespike. Right: corresponding model results. Vertical scale bars: 2 

nA, 15 nA/ms, 0.15 nA, 0.1 nA. Horizontal: 1 ms. (E) Relation between the calcium component of the 

prespike and the first derivative of the presynaptic calcium current shown in D. Maximum correlation was 

obtained when delaying the first derivative by 40 μs. Blue line shows regression line with a slope (‘time 

constant’) of 5.6 μs. (F) Relation between the contact area and the cleft leak conductance for different 

values of the transfer constant (magenta lines) and the time constant (black lines). Green dots show the 

values of the model for the five double VC recordings calculated from the measured transfer and time 

constants. Calcium current density was 0.11 nS µm-2 in the simulations. 
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 A comparison of the prespike with model predictions 3.1
We first looked at simultaneous whole-cell presynaptic current clamp recordings with postsynaptic 
voltage clamp recordings (6, 7). The afferent axon of the calyx of Held was stimulated with an 
electrode to trigger an AP, its corresponding postsynaptic prespike and an EPSC (Figure 2A). The 
prespike generally matched the scaled inverted second derivative of the AP (Figure 2A). Figure 2B 
shows that the time course of the second derivative of the AP indeed provides a better match for the 
prespike than its first derivative in these recordings (n = 13). From the relation between the second 
derivative of the AP and the prespike a transfer constant can be calculated (Figure 2C).  

Next, we turned to simultaneous whole-cell pre- and postsynaptic voltage clamp recordings of the 
calyx of Held synapse that were originally reported in ref. (5), which were re-analyzed to compare 
them with model predictions. In these experiments the presynaptic compartment was voltage clamped 
with an APW command while the presynaptic calcium currents were pharmacologically isolated. A 
comparison of the second derivative of the APW and the prespike yielded a transfer constant of 0.04 ± 
0.02 fA V-1 s2 (n = 5) in these recordings.  

 Contribution of presynaptic calcium currents to the prespike 3.2
By subtracting the passive component from the postsynaptically recorded active prespike, a small 

current emerged that had a similar time course as the first derivative of the presynaptic calcium current 
(Figure 2D, left column). Its time course closely matched the model predictions (Figure 2D, right 
column). The amplitude of its positive peak was on average 56 ± 44 pA (n = 5). A comparison between 
the max rate of rise of the measured presynaptic calcium current and this peak provided a time constant 
(Figure 2E), which was on average 6.0 ± 2.0 µs. The combination of the transfer constant and the time 
constant provided an estimate for the contact area of the calyx, which was on average 730 ± 230 μm2, 
and for the leak conductance of the synaptic cleft, which was on average 0.9 ± 0.4 µS. With these 
estimates we used the model to estimate the calcium conductances that would replicate the 
experimental results, which was on average 0.10 ± 0.06 nS μm-2. To replicate the experimental changes 
the simulated Vcl peaked on average to 3.5 ± 0.6 mV, then reached a minimum of -3.2 ± 1.4 mV after 
which it returned to baseline. As expected, the calcium current did not affect the positive deflection of 
Vcl (Cap.-only model: 3.5 ± 0.6 mV), but did affect the Vcl after the peak (Cap.-only model: -1.3 ± 0.2 
mV). This change in Vcl due to the calcium current is subsequently observed in the prespike. 

 

 
 

Figure 3 – Impact of the cleft potential on presynaptic calcium currents. (A) Simulation of the impact of a 

slow and a fast AP (top; FWHM: left 1.0, right 0.2 ms) on the cleft potential (middle) and the presynaptic 

calcium current (bottom) at three leak resistances, as indicated above the figure. Scale bar: 90 mV, 14 mV, 

1nA. (B) Relation between peak calcium currents and leak resistance for the two APs. Driving force 

increases slightly (not shown). (C) The change in delay between the calcium peak current and the AP for 

the two APs (solid line). The dashed line shows the delay after correcting for the decrease in the calcium 

current shown in B. Calcium conductance density was 0.1 and 0.2 nS μm-2 for the slow and fast AP, 

respectively. 
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 Impact of cleft potential on the presynaptic calcium currents 3.1
During development the presynaptic AP narrows from a half width of 0.5 to 0.2 ms (13). The briefer 

AP necessitates a much larger capacitive current, and may thus potentially result in a larger change in 
the cleft potential. As the voltage-dependent calcium channels at the release face sense Vpre-Vcleft 
instead of Vpre, their kinetics depend on the cleft potential. We simulated the consequences of the cleft 
potential on the calcium current by varying the cleft leak resistance (Figure 3). For a slow AP, the cleft 
potential changes to +2.5 mV and then to -3.8 mV for a leak resistance of 1.5 MΩ and a surface area of 
520 μm2. This causes a delay of 50 μs in the onset of the calcium current (Figure 3C), but has little 
effect on its size (Figure 3B). In contrast, with the faster AP we observe under the same conditions that 
the cleft potential changes to +11.4 mV and -5.9 mV. As a consequence, the peak calcium current is 
delayed by 30 μs and reduced by 25% (-0.86 vs -0.65 nA). The observed delay corresponds to the delay 
in reaching the Vpre – Vcleft maximum compared to the Vpre maximum; the reduction is related to the 
smaller effective AP, which determines the maximal opening probability of the calcium conductance. 
We conclude that the developmental acceleration of the calyceal AP will increase the capacitive 
current to a level that would impede the opening of calcium channels if the synaptic cleft leak 
conductance remained unchanged. 

 Predictions for the contribution of other presynaptic ion currents to the prespike 3.2
The estimates for the cleft leak conductance and of the coupling for the calcium current allowed us 

to test the contribution of Na+ and K+ currents to the postsynaptically recorded prespike. We estimated 
their density based on literature values and assumed a homogeneous distribution within the terminal. 
Figure 4 illustrates that the presence of these channels at the release face would have a large impact on 
the shape and size of the prespike. Due to the gating differences, the timing of each current is different 
(Figure 4A), and thus their impact on the prespike as well (Figure 4B). A comparison with the recorded 
prespike (Figure 2A) suggests that it does not resemble the prespike of the homogeneous model, 
suggesting that some voltage-gated ion channels are excluded from the release face. Also, the impact 
of VGCCs on the prespike looks larger in our simulations than in the recorded prespikes. A more 
comprehensive comparison may allow an inference to what extent these channels are present at the 
release face.  

 
Figure 4 – Impact on the prespike of voltage-gated ion channels located at the release face. (A) Timing of 

different voltage-gated currents at the release face during the AP. Note that the amplitudes of each of the 

currents depend on cleft potential, thus creating a mutual dependency. Vertical scale bars: 60 mV, 2.4 nA, 1 

nA, 1 nA, 3 nA. Horizontal: 0.5 ms. (B) The cleft potential (top), the VC prespike (middle), and the CC 

prespike (bottom) under different conductance density conditions. Homog.: homogeneous density; no 

VGSCs: no sodium conductance at the release face; only VGCCs: calcium and capacitive currents at the 

release face; no channels: the capacitive-only model. Scale bars: 4 mV, 0.2 nA, 1 mV.; 0.5 ms. 

674



 

 

4. CONCLUSIONS 
We studied a form of synaptic ephaptic coupling in which a fraction of the currents flowing at the 

presynaptic release face enter the postsynaptic cell to generate the prespike. By comparing model 
predictions and experiments in which both the presynaptic and the postsynaptic membrane currents 
could be measured, we could quantify the leak resistance of the synaptic cleft. The obtained value of 
~1 MΩ is higher than the value of 0.3 MΩ assumed for the cerebellar pinceau synapse (8), but much 
lower than the value of at least 60 MΩ estimated for the synapse between cones and horizontal cells at 
the retina based on an ultrastructural reconstruction (14), or up to 3 GΩ assumed for the mossy fiber 
CA3 synapse (15). Our experiments were performed at room temperature in slices from pre-hearing 
rats, and most of the calyces probably still had a cup shape (16). Our simulations showed that under 
these conditions the impact of presynaptic currents on the cleft potential is modest. However, the 
speedup of the AP at physiological temperature and after hearing onset would increase this impact 
substantially. The large postsynaptic glutamate receptor current may also impact the cleft potential 
(17). We show that with the observed pre-hearing cleft leak resistance, the capacitive currents during 
the adult presynaptic AP may affect the timing and size of the presynaptic calcium current. Apart from 
the often mentioned facilitation of glutamate clearance (18-20) or the resistance against Ca2+ depletion 
(21), a lowering of the cleft leak resistance thus provides an additional argument for the desirability of 
the fenestration of the mature calyx.  

Our model also allowed us to simulate the contribution of other voltage-dependent ion channels to 
the prespike. Interestingly, both sodium and potassium channels seem to largely avoid the release face 
in the mature calyx of Held (10, 22). A systematic comparison of modeled and measured prespikes may 
further delineate their contribution to changes in the cleft potential and its subsequent impact on the 
presynaptic action potential.  
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Abstract
Human listener demonstrate a remarkable sensitivity in detecting even slight incoherences within signals pre-
sented at the two ears. These interaural decoherences can also be described as time and frequency dependent
variations in both the interaural phase and level difference which are important cues for sound localization.
Traditionally, the ability to detect interaural incoherences is explained using delay line models where the in-
coherence results in a reduction in the maximum of the cross-correlation function. Conversely, by analyzing
single-cell recordings from neurons in the inferior colliculus of anesthetized guinea pigs, this study finds that
interaural incoherence cannot be reliably detected when applying this mechanism. Instead, an alternative detec-
tion mechanism based on a hemispheric balance model is proposed, where stimulus power fluctuations result in
covariant fluctuations in the two hemispheres so that the balance remains unchanged, while fluctuations in inter-
aural differences result in opposing fluctuations. The proposed mechanism thus considers the disturbances in the
hemispheric balance. By re-analyzing the recorded neuronal responses for variations in the hemispheric balance,
it is shown that this approach considerably improves the performance of detecting interaural incoherence.
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ABSTRACT
Auditory modelling provides a powerful quantitative framework to study performance in psychoacoustic listen-
ing tasks such as signal or modulation detection, and speech perception. Biophysically-inspired auditory models
provide the straightforward possibility to account for different aspects of sensorineural hearing loss (e.g., hair
cell loss or synaptopathy) and are well suited to study the origin of individual performance differences on
behavioural tasks. Here, we simulated how detection thresholds to low- and high-frequency supra-threshold
stimuli changed for various profiles of sensorineural hearing loss: (1) normal or high-frequency sloping audio-
grams (> 1 kHz, 30 dB HL at 8 kHz), and (2) normal or gradual loss of auditory-nerve synapses. The tasks
included the detection of amplitude-modulated tones at carrier frequencies of 500 Hz (fmod=5 Hz) and 4 kHz
(fmod=100 Hz) presented with or without background noise. The simulations were compared with experimental
data collected from listeners with normal or high-frequency sloping audiograms. The simulations accounted for
up to 8.6 dB of the experimental variability, where the simulated variability was derived from the maximum
shift between simulated thresholds in each condition.
Keywords: Auditory modelling, hearing impairment, psychoacoustics

1 INTRODUCTION
Historically, simulations of signal processing along the auditory pathway have been used as a tool to study
specific aspects of the auditory physiology or to explain experimental results obtained in psychoacoustic exper-
iments [e.g., 2, 5]. In both cases, artificial sounds with controlled properties can be simulated to determine the
expected outcomes of a given experimental task that will be conducted with human listeners, either using an
objective or behavioural experimental approach.
The set of processing stages accounted for by such auditory models mimic with greater or lesser accuracy
constitutive parts of the human ear including: Outer and middle ear, which are often simulated as a combined
bandpass filter; Inner ear, simulated as a set of bandpass filters covering the audible range (cochlear filtering),
followed by some type of transformation that resembles the transduction from mechanical waves into neural
responses, and; Central processing stage that approximates the way in which higher-level neural representations
are further processed and compared to other representations, as it is done in a psychoacoustic detection task.
Following the model classification proposed by Saremi et al. [11], existing auditory models can be classified
into perceptually- or mechanically-inspired models. We refer here to this latter type as biophysical models.
One benefit of using a biophysical model is that aspects of hearing impairment, such as cochlear gain loss
(that leads to elevated hearing thresholds) or synaptopathy (hypothesised to decrease supra-threshold hearing
performance), can be directly accounted for by setting the mechanical model parameters that affect the basi-
lar membrane motion (sensitivity and tuning of cochlear filtering) or by disconnecting auditory nerve fibres
systematically, to account for cochlear gain loss and synaptopathy, respectively.
In this study, we adopt the biophysical model described by Verhulst et al. [13, 14] to study individual differences
in psychoacoustic performance1. This model was earlier adopted to simulate a tone-in-noise and amplitude-
modulation (AM) detection thresholds for high carrier frequencies ( fc =4 kHz) [16]. We extend this work here
to explore how much of the performance variability in a range of detection conditions collected from the same
listeners can be explained by (i) adopting different profiles of cochlear gain loss and synaptopathy, and by
(ii) stimulus changes across conditions.

1Examples of published perceptual models can be found in [2, 6, 17] and of biophysically-inspired models in [7, 18].
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Figure 1. Block diagram of the auditory model. Two stages were added or modified from the original descrip-
tion [13, 14]: “Outer ear model” and “central processor”.

2 MATERIALS AND METHODS
2.1 MODEL DESCRIPTION
2.1.1 Peripheral processing stages
The adopted model offers a quantitative description of the different functional components of the hearing system
and provides simulated neural representations along the ascending (human) auditory pathway up to the inferior
colliculus (auditory brainstem) [13, 14]. The block diagram is depicted in Fig. 1 and illustrates that sounds are
fed into either the outer-ear model [10] (as implemented in the AMT toolbox for MATLAB [12]), to account
for the transfer function from circumaural headphones to the tympanic membrane, or directly passed through
a middle-ear filter, if the sounds are presented over in-ear earphones (Stage 1). The signal is then fed into a
transmission-line cochlear filter bank (Stage 2) where basilar membrane vibrations of 401 equidistant locations
along the cochlea are simulated according to the human cochlear place-frequency map. Each partition is a
bandpass filter matching human otoacoustic emission tuning. A non-linear compression is applied to the cochlear
vibrations to simulate the level dependence of cochlear filter tuning. The filter outputs are then converted
into inner hair cell receptor potentials (Stage 3) which are used to generate spike-rate patterns at the level
of the auditory nerve (Stage 4). These patterns are related to three types of fibres that have high- (HSR,
70 spikes/s), medium- (MSR, 10 spikes/s), and low-spontaneous rates (LSR, 1 spikes/s). These patterns are
eventually added up (13 HSR, 3 MSR, and 3 LSR fibres, i.e., 13-3-3) to form the input to a functional model
of the spherical bushy cell in the cochlear nucleus (Stage 5) and inferior colliculus (Stage 6). These stages
capture the modulation and onset sensitivity of bushy cells in the auditory brainstem [8]. The information across
the simulated characteristic frequencies available at the outputs of Stages 4, 5, and 6 offer a correlate of human
brainstem responses recorded from scalp electrodes. In this paper we only use simulated neural responses at
the output of Stage 6 to assess the detection information that human listeners have available when conducting
a psychoacoustic experiment. This process is described further in Section 2.3.2.

2.1.2 Hearing loss
As highlighted in Fig. 1 the auditory model can account for two types of inner-ear dysfunction: cochlear gain
loss and synaptopathy. Cochlear gain loss is caused by damaged outer hair cells and leads to elevated hearing
thresholds and reduced frequency selectivity. In the model (Stage 2), individual audiograms can be simulated by
changing the gain parameters at each frequency partition [15]. In this study we adopted two cochlear gain loss
profiles that reflect: (i) a normal audiogram, and (ii) a high-frequency sloping audiogram above 1 kHz, with
a hearing threshold of 30 dB HL at 8 kHz. In the model, synaptopathy can be introduced by disconnecting
auditory nerve fibres (Stage 4). In this study we adopted three synaptopathy profiles: 13-3-3, 13-0-0, and 6-0-0.

2.2 EXPERIMENTAL PROCEDURES
The experiments were conducted in a double-walled sound-proof booth. The stimuli had a sampling frequency
of 44.1 kHz and were presented monaurally either in quiet or using a background noise via Sennheiser HD200
circumaural headphones. The participants’ responses were collected using the AFC toolbox for MATLAB [3].
The experimental procedures complied with the ethical procedures of the University of Oldenburg.

2.2.1 Protocol
The stimuli were presented using three-alternative forced-choice (3-AFC) trials where the adjustable variable,
the modulation depth m, was changed using an adaptive tracking rule (two-down, one-up). The starting m value
was set to −12 dB and the step size was adapted every two reversals (10, 5, 3, 1 dB). Modulation-detection
thresholds were calculated as the mean of the last 6 reversals with a 1-dB step size. Each experimental condition
was measured three times for each participant, and their median was used for further analysis.
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Table 1. List of conditions and information about the background noises used in the AM detection tasks.

Noise fc, f mod Bandwidth BW BW1-ERB SpecL BLERB Ltot Stimulus
type [Hz] ( f lower, f upper) [Hz] [Hz] [dB] [dB] [dB] duration [s]
Q 500, 5 - 79 - - - 1.0

N2/3-Oct. 500, 5 233 (397, 630) 79 41.0 60.0 64.7 1.0
N8-Hz 500, 5 8 (496, 504) 79 50.0 59.0 59.0 1.0

Q 4000, 100 - 456 - - - 0.5
N2/3-Oct. 4000, 100 1865 (3175, 5040) 456 25.0 51.6 57.7 0.5
N160-Hz 4000, 100 160 (3920, 4080) 456 45.0 67.0 67.0 0.5

2.2.2 Stimuli
The reference sound (presented twice) was a pure-tone centred at either fc = 500 Hz (duration of 1 s) or
fc = 4 kHz (duration of 0.5 s) and included 25-ms and 12.5-ms raised cosine ramps, respectively. The target
sound (presented once) was an AM tone of the same fc, modulation depth m, modulated at rates of 5 and 100
Hz, respectively. All sounds were set to have an RMS level of 70 dB. AM detection thresholds were collected
in three conditions: (i) in quiet (Q), (ii) in a background noise which had a bandwidth (BW) of 80% the
sideband-to-sideband width of the modulation tone (condition labelled as N8-Hz for 500-Hz tones and N160-Hz
for 4-kHz tones), and (iii) in a 2/3 octave-band wide noise around fc (N2/3-Oct.). The noises had a spectrum
level (SpecL) equal to 50 and 45 dB, respectively (Table 1). The N2/3-Oct. noise level was set to resemble
relative SpecLs found in speech, resulting in SpecLs of 41 dB at 500 Hz and 25 dB at 4 kHz. It is important
to note that this choice of parameters does not allow us to draw conclusions about the masking power of the
background noises across conditions. Therefore our focus is on evaluating the power of the auditory model to
predict the individual performance on the different conditions.

2.2.3 Participants
Thirty-four participants took part in this experiment. Based on their age and audiometric hearing thresholds,
each participant was classified into one of three groups: young normal hearing (yNH), older normal hearing
(oNH), or older hearing impaired (oHI). The yNH group had 14 participants (6 females, 8 males) who were
between 18 and 29 years old (avg=24.6, std=3.1). The oNH group had 10 participants (9 females, 1 male) who
were between 56 and 77 y. (avg=66.1, std=7.7). In both groups, the participants had hearing thresholds better
than 20 dB HL for frequencies between 125 Hz and 4 kHz. The oHI group had 10 participants (4 females,
6 males) who were between 61 and 78 y. (avg=70.6, std=6.3), and had hearing thresholds with a high-frequency
slope up to 45 dB HL at 4 kHz.

2.3 SIMULATIONS
2.3.1 Protocol
The AM detection task was implemented as previously described, with the exception that a constant stimu-
lus instead of an adaptive procedure was adopted. The stimuli were generated within the AFC toolbox [3],
resampled to a 100-kHz rate, and then fed into the auditory model using (i) two cochlear gain profiles that
approximate a normal audiogram (‘Flat00’) and a high-frequency sloping audiogram (for f > 1 kHz, 30 dB HL
at 8 kHz, ‘Slope30’), and (ii) three synaptopathy profiles: 13-3-3, 13-0-0, and 6-0-0. The simulations were run
based on 20 stored trials for each condition (Table 1) at four modulation depths m (−28,−20,−12, −4 dB).
The same trials were used in combination with each simulated hearing profile (Flat00+13-3-3, 13-0-0, 6-0-0;
Slope30+13-3-3, 13-0-0, 6-0-0).

2.3.2 Central processor: RMS difference detector
The simulated neural representation of the intervals in the 3-AFC trial were designated as r1, r2, and r3, with
interval 1 containing the target sound (AM tone) and intervals 2 and 3 containing the reference sounds. The
neural representations r1, r2, and r3 can be compared by computing RMS differences as follows:

∆r12 =

√
1
N

N

∑
n=1

(r1[n]− r2[n])2, ∆r13 =

√
1
N

N

∑
n=1

(r1[n]− r3[n])2, ∆r23 =

√
1
N

N

∑
n=1

(r2[n]− r3[n])2 (1)

where n indicates that r1, r2, and r3 are digital signals with a total of N samples. The RMS differences were
assessed from the corresponding neural representations at each characteristic frequency. Based on our definitions,
the larger the difference ∆r, the larger the probability that the target sound is correctly detected by a (human)
listener. With this rationale, the simulated detection cue (detcue) can be formulated as:

detcue = min(20 · log10 ∆r12,20 · log10 ∆r13)−20 · log10 ∆r23 (2)

680



Q N
2 /3 -Oct .

N
8-Hz

Q N
2 /3 -Oct .

N
160-Hz

Condition

-30
-28
-26
-24
-22
-20
-18
-16
-14
-12
-10

-8
-6
-4
-2
0

M
o

d
. 

d
e

p
th

 a
t 

th
re

s
h

o
ld

 [
d

B
]

Experiments

fc=500 Hz
fmod=5 Hz

fc=4000 Hz
fmod=100 Hz

A ByNH

oNH

oHI

Q N
2 /3 -Oct .

N
8-Hz

Q N
2 /3 -Oct .

N
160-Hz

Condition

-30
-28
-26
-24
-22
-20
-18
-16
-14
-12
-10

-8
-6
-4
-2
0

M
o

d
. 

d
e

p
th

 a
t 

th
re

s
h

o
ld

 [
d

B
]

Simulations

C D
fc=500 Hz
fmod=5 Hz

fc=4000 Hz
fmod=100 Hz

Flat00, 13-3-3

Flat00, 13-0-0

Flat00, 6-0-0

Slope30, 13-3-3

Slope30, 13-0-0

Slope30, 6-0-0

Figure 2. A,B: Experimental AM detection thresholds for fcs at 500 Hz and 4 kHz, respectively. The results
are shown as medians (filled markers) with their corresponding interquartile ranges (IQR). The data for the
yNH, oNH, and oHI groups are indicated in blue, magenta, and red, respectively. Open markers indicate in-
dividual data. C,D Simulated AM thresholds for the same tasks, derived as the median detection cues across
20 repetitions for each condition. The simulation results are shown here to facilitate their comparison with the
experimental thresholds and are explained more comprehensively in the text.

To determine whether a given detcue value is actually detectable, a threshold detthres has to be determined
such that a correct (simulated) detection is obtained when detcue>detthres. For this study we chose to use a
different detthres value for each experiment and we made assumptions to motivate this calibration procedure:
(i) the simulated representations should have a (neural) floor level, below which participants are not able to
integrate any information, and (ii) detthres can be estimated from the experimental data, more specifically from
the detcue value derived from the model at a better-than-average experimental performance. This is in line with
the classical view that the information available in simulations can be optimally integrated and should therefore
compare to the results of best performance participants [see, e.g., 5, Chapter 6]. We used the yNH threshold
at the lower limit of the interquartile range (IQR) in the easiest noise condition (−14.8 dB in N8-Hz, Fig. 2A;
−14 dB in N2/3-Oct., Fig. 2B). The floor level used in the model was set to −98 dB re. 1µV and corresponded
to the lowest difference value (min(∆r12,∆r13)) obtained across all conditions at m =−28 dB, which was found
for the Q condition at fc = 500 Hz (not shown).

3 RESULTS
3.1 EXPERIMENTS
The experimental results for the six conditions of the AM detection task are shown in Fig. 2 for carrier frequen-
cies fc of 500 Hz (panel A) and 4 kHz (panel B), where higher detection thresholds indicate poorer performance.
The filled markers indicate median thresholds and the error bars indicate their corresponding interquartile ranges
(IQRs). The open markers indicate individual thresholds averaged (median) across 3 repetitions.
At fc = 500 Hz, fmod= 5 Hz, the Q performance was better than that of the N8-Hz, and N2/3-Oct. conditions.
Although the IQRs had similar values in all three groups, the spread of the data (Fig. 2A) was larger for the
yNH group, smaller for oNH and in between for the oHI group. Furthermore the Q performance was overall
3 dB worse for the oNH group compared to both yNH and oHI, while the overall performance in the other
conditions (N2/3-Oct., N8-Hz) was similar across groups.
At fc = 4 kHz, fmod= 100 Hz, the experimental conditions sorted from better to worse performance were: Q,
N2/3-Oct., and N160-Hz. The IQRs were consistent within each participant group, with an approximate length of
3 dB for yNH participants, 6 dB for oNH participants (but 2 dB at N160-Hz), and about 4 dB in N2/3-Oct.. The
individual data points (open markers in Fig. 2B) had a similar spread across conditions in the yNH and oHI
groups, while it was larger for the oNH group, especially in the Q and N2/3-Oct. conditions. In the Q condition,
yNH and oHI had a similar overall performance, with a 6-dB poorer performance for oNH participants. The best
performance in the N2/3-Oct. condition was obtained for the oHI group (threshold at m = −15.25 dB) followed
by the yNH and oNH groups with thresholds 3 and 6 dB poorer, respectively. A similar overall performance
was obtained for all groups in the N160-Hz condition.
In the most difficult conditions (N2/3-Oct. at fc = 500 Hz, N160-Hz at fc = 4 kHz) there were a number of partici-
pants who were not able to perform the AM task. Their results are shown as data points at m = 0 dB (Fig.2A,
2 data points from each participant group; Fig.2B, 2 data points from oNH and 2 from oHI).
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Figure 3. Simulation amplitude differences (top) and detection cues (bottom) for AM detection at fc = 4 kHz for
the normal hearing model (Flat00, 13-3-3) for the conditions in quiet (A,D), N2/3-Oct. (B,E), and N160-Hz (C,F).
Panels A–C: Differences ∆r12 (filled markers) and ∆r23 (open markers). Panels D–F: Detection curves derived
using Eq. 1. The simulated thresholds (magenta diamonds) were −26.4, −14.1, and > 0 dB (no estimation),
respectively. The detthres was set to 2.2 dB (magenta dashed line) and detfloor was set to −98 dB re. 1µV (grey
line in A). Each of the curves was derived from 20 difference values and the error bars indicate the IQRs of
those values. For the curves in panels D–F, the average IQRs across modulation depths are 0 (no variability),
0.4 dB, and 1.1 dB, respectively (clearly visible in panel F only). In panels D–E, the square markers indicate
the detection curves for one synaptopathy profile (Flat00,6-0-0). The 6-0-0 thresholds (open magenta markers)
were −18.1, −13.7 (shifts of 8.3 dB and 0.4 dB with respect to Flat00, 13-3-3). Note that the ordinate axes in
panels D–F are not to scale and that simulations at m = 0 dB were added to the N160-Hz conditions.

3.2 SIMULATIONS
Simulated difference values ∆r12 and ∆r23 (Eq. 1) are shown in Fig. 32 using a normal hearing model (Flat00,
13-3-3) for the AM task at fc = 4 kHz. The procedure used to derive the simulated thresholds is depicted in
Fig. 3, where the simulated detection curves (panels D–F) were assessed as the distance between ∆r23 (or floor
level) and ∆r12 (or ∆r13), and detcue was obtained as the amount of detection cue that produces a simulated
threshold at m =−14 dB (see Section 2.3.2) yielding a detcue value of 2.2 dB. A similar calibration procedure
was adopted to derive simulated thresholds in the AM task at fc = 500 Hz and fmod= 5 Hz, obtaining a detcue
value of 0.54 dB. The resulting simulated thresholds are shown in Fig. 2C–D and Table 2.
In the high-frequency task, the simulated thresholds worsened from Q, to N2/3-Oct. and N160-Hz, which coincides
with the order of difficulty observed experimentally. For the Flat00 13-3-3 profile and fixed detcue, the assessed
values were −26.4 dB, −14.1 dB, and > 0 dB (no estimation), respectively. The simulations with cochlear gain
loss (Slope30) improved these thresholds by 1.1 and 2.1 dB in the Q and N2/3-Oct. conditions (see Table 2),
respectively. The different synaptopathy profiles increased the Q thresholds considerably by up to 8.3 dB (square
markers along the detcue,6-0-0 curve, Fig. 2D) and only marginally in the N2/3-Oct. condition (square markers in
Fig. 2E). Although not shown here, a similar shift in the detection curves in the N160-Hz condition was found
(but the cues never exceeded detthres= 2.2 dB).
In the low-frequency task, the simulated thresholds ranked from better to worse were found for the N8-Hz, Q,
and N2/3-Oct. conditions, respectively. Although this is not exactly the same difficulty order found experimentally
(where Q had lower thresholds), the N8-Hz and Q thresholds differ only by about 1 dB: For normal hearing
model (Flat00, 13-3-3) the assessed values were −15.6 dB, −14.9 dB, and > 0 dB (no estimation), respectively.
Simulations with the Slope30 profile showed an (almost) marginal improvement of up to 0.5 dB in the N8-Hz
condition (see Table 2). Different synaptopathy profiles increased the simulated thresholds in the Q and N8-Hz
conditions considerably by 8.6 dB and 5.7 dB, respectively (see the shift from square to diamond markers in
Fig. 2C and also row “Flat00, 13-3-3–6-0-0” in Table 2). A marginal 0.5-dB shift of the detection curves was
found in the N2/3-Oct. condition (not shown here).

2The difference r13 was omitted for clarity but the obtained values were in a similar range than ∆r12.
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Table 2. Simulated thresholds thressim using the RMS difference detector for six hearing profiles. The thresholds
(also shown in Fig. 2C-D) were assessed using the procedures visualised in Fig. 3. Simulated threshold shifts
when introducing either cochlear gain loss or synaptopathy are shown in the bottom rows of the table.

fc=500 Hz, fmod=5 Hz fc=4 kHz, fmod=100 Hz
Threshold thressim [dB] Threshold thressim [dB]

Hearing profile Q N2/3-Oct. N8-Hz Q N2/3-Oct. N160-Hz
Flat00, 13-3-3 -14.9 > 0 -15.6 -26.4 -14.1 > 0
Flat00, 13-0-0 -13.2 > 0 -14.0 -24.9 -13.7 > 0
Flat00, 6-0-0 -6.3 > 0 -9.9 -18.0 -13.7 > 0

Slope30, 13-3-3 -15.0 > 0 -16.1 -27.5 -16.2 > 0
Slope30, 13-0-0 -13.4 > 0 -14.5 -26.0 -15.8 > 0
Slope30, 6-0-0 -6.6 > 0 -10.3 -19.2 -15.8 > 0

thresshift [dB] thresshift [dB]
Compared profiles Q N2/3-Oct. N8-Hz Q N2/3-Oct. N160-Hz

Slope30-Flat00, 13-3-3 -0.1 − -0.4 -1.1 -2.1 −
Slope30-Flat00, 13-0-0 -0.2 − -0.5 -1.1 -2.1 −
Slope30-Flat00, 6-0-0 -0.3 − -0.4 -1.2 -2.1 −
13-0-0−13-3-3, Flat00 1.7 − 1.6 1.5 0.4 −
6-0-0−13-3-3, Flat00 8.6 − 5.7 8.4 0.4 −

13-0-0−13-3-3, Slope30 1.4 − 1.6 1.5 0.4 −
6-0-0−13-3-3, Slope30 8.4 − 5.8 8.3 0.4 −

Summarising, cochlear gain loss caused smaller threshold shifts than synaptopathy, which introduced simulated
threshold shifts between 5.7 and 8.6 dB in three of the six simulated conditions, two of them in the low-
frequency task. In all three cases, the shift was caused by an increase in the neural noise floor.

4 DISCUSSION
The supra-threshold AM detection task was conducted for a high- ( fc = 4 kHz) and low-frequency carrier ( fc =
500 Hz) where different stimulus characteristics–temporal envelope and temporal fine structure–are believed to
influence the (measured or simulated) detection cues in auditory neural representations. Our analysis of both
experimental and simulated results was focused on understanding how the participants’ results in the high- and
low-frequency regions were affected by cochlear gain loss or synaptopathy and, therefore, our analysis could be
linked to how temporal fine structure and temporal envelope cues are affected by sensorineural hearing loss.
According to our group classification, oHI participants were expected to suffer from cochlear gain loss while
yNH and oNH were not. There is also a low risk that yNH participants suffered from synaptopathy, while oNH
and oHI participants might have been at risk for synaptopathy given their advanced age [9].

4.1 EXPERIMENTS
When comparing the results of the yNH and oHI groups, we observed that the AM detection task for a high-
frequency carrier (fc = 4 kHz, fmod= 100 Hz) is more affected by cochlear gain loss than the low-frequency
task (fc = 500 Hz, fmod= 5 Hz), given that the best performing oHI participants in Fig. 2B had lower thresh-
olds than the yNH participants. This performance improvement is also reflected in one (median) threshold at
m = −15.25 dB in the N2/3-Oct. condition, which was 3 and 6 dB below the performance of yNH and oNH
participants, respectively. The elevated detection thresholds for oNH participants seem to stem from a reduced
high-frequency coding despite their normal hearing audiograms.
In the low-frequency AM detection task, oNH participants had an elevated detection threshold in quiet only (by
3 dB, Fig. 2A), while for all other conditions, the three groups had a similar overall performance. Therefore, it
seems that cochlear gain loss alone does not play a prominent role for low-frequency AM detection.

4.2 SIMULATIONS
Threshold accuracy: The simulated thresholds (Fig. 2C-D) did not fully agree with the obtained experimental
thresholds (2A-B) with a larger range of values (overall thressim were between -16.4 dB to > 0 dB, thresexp
values were between −18.8 dB and −6.4 dB). At fc = 500 Hz, fmod= 5 Hz, the thressim values did not decrease
in the Q condition with respect to N8-Hz as was expected from the experimental data (expected decrease by
4-6 dB) and increased by 0.7 dB instead. The non-estimated thressim in N2/3-Oct. (m > 0 dB) denotes that less
detection cues can be extracted using the auditory model in this condition and, therefore, the AM detection is
harder than in the N8-Hz and Q conditions. This tendency was also observed in the experimental data, where 6
participants could not finish the task. At fc = 4 kHz, fmod= 100 Hz, the thressim in Q were about 12 dB better
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than for N2/3-Oct. while the experimental thresholds denoted an overall shift of 6 dB. No estimation was possible
in the N160-Hz condition, indicating that in this frequency range this is the most difficult condition. This trend
was also observed in the experimental data. The deviations between thressim and thresexp may be caused by
a reduced sensitivity of the model to inherent modulations of the N2/3-Oct. and N160-Hz noises for 500-Hz and
4-kHz tones, respectively, when superimposed with the corresponding modulation frequencies of 5 and 100 Hz.
Threshold variability: As summarised in Table 2, cochlear gain loss (Slope30 profile) introduces a small thresh-
old improvement of up to 2.1 dB in the N2/3-Oct. condition for 4-kHz AM tones. In this condition, the exper-
imental data showed a threshold shift of 3 dB (between yNH and oHI). The simulated threshold shift became
(almost) marginal in the 500-Hz AM task where an average improvement of 0.4 dB or less was observed.
Simulations for different synaptopathy profiles did show a threshold shift between 5.7 and 8.6 dB for 500-Hz
AM-tones (from 13-3-3 to 6-0-0 in the Q and N2/3-Oct. conditions), while for 4-kHz tones, a significant ef-
fect was only found in the Q condition (maximum threshold shift of 8.4 dB). These observations support that
cochlear gain loss introduces a smaller detection threshold shift (2 dB in our simulations) than synaptopathy (up
to 8.6 dB). The increment of experimental thresholds in Q for 500-Hz (3-dB shift) and 4-kHz tones (6-dB shift)
for oNH participants with respect to yNH, could be explained by the simulated threshold shift (thresshift) due to
synaptopathy, given that in both conditions thresshift was about 8 dB (more than the average experimental shift).
Noisy conditions (N8-Hz, N160-Hz, and both N2/3-Oct.) contain representations r1,2,3 that are stochastic, introducing
variability in the assessed detection cues due to the statistical properties of the background noises. For the AM
detection of 4-kHz tones in N160-Hz (Fig. 3F), this external variability would affect the detection sensitivity by
±1.5 dB (“vertical shift” of the detection curve). For the N2/3-Oct. condition (Fig.3E), the external variability
(IQR of 0.4 dB) can shift the estimated threshold by 1 dB (i.e., ±0.5 dB). Comparable threshold shifts were
assessed for the AM task at 500 Hz (not shown here).

4.2.1 Limitations of the model
Based on the obtained results (Fig. 2C-D), it is possible to infer that the auditory model is not sensitive enough
in the most difficult AM conditions and that the model is more sensitive to the 4-kHz task at fmod=100 Hz
than to the 500-Hz task at fmod= 5 Hz. This is also evidenced by the detthres values of 0.54 dB and 2.2 dB
(1.46 dB difference) obtained during the model calibration, where a more balanced sensitivity to low- and high-
frequencies should have lead to values that are closer to each other (difference close to zero). This sensitivity
variation might be related to the evaluated modulation frequency range. Stages 5 and 6 of the model act as a
modulation filter with a passband centred at fmod= 100 Hz, while other models in the literature claim that more
modulation filters are needed primarily for frequencies below fmod< 250 Hz [1, 2, 17]. If the auditory model is
made more sensitive in a given modulation frequency region, the simulated thresholds in that range may spread
more than reported here. In our low-frequency experiment this could lead to a higher effect of synaptopathy
than the (up to) 8.6 and 5.8 dB in the Q and N8-Hz conditions.

4.2.2 Limitations of the central processor
In this paper we adopted a central processor that compares within-trial intervals to derive simulated detection
cues. Our detector corresponds to an extension of the cue extraction procedure used in a previous study [16],
and is compatible with AM detection tasks with target and reference intervals affected by the stimulus external
variability. Despite the moderate success of our simulations, where we could derive simulation thresholds for
only four of the six test conditions, a careful interpretation of simulation and experimental data can provide
interesting insights about the underlying auditory decision processes. Other approaches to derive detection cues
include the use of a memory component (template) within the model, which has been found relevant to account
for a number of AM detection tasks [see, e.g., 4].
Our simulation results where synaptopathy played a relevant role rely on the assumption that a neural floor level
exists. This assumption is similar to the use of an internal noise to limit the model performance [e.g., 2]. It
could be tested whether a more elaborate neural noise model would improve the simulations across conditions.

5 CONCLUSION
In this paper the auditory model described by Verhulst et al. [13] was used to simulate AM detection per-
formance at two carrier and modulation frequencies fc = 500 Hz modulated at fmod=5 Hz and fc = 4 kHz
modulated at fmod=100 Hz. AM detection thresholds were derived using a within-trial comparison of simulated
neural representations (model output of Stage 6, Fig. 1). The simulation results shown in Fig. 2C–D reveal
that synaptopathy importantly reduces AM performance in 3 of the 6 conditions tested with threshold shifts
between 5.7 and 8.6 dB for those conditions. In turn, cochlear gain loss (high-frequency sloping audiogram,
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hearing threshold of 30 dB HL at 8 kHz) introduces a slight increment in performance (less than 2.1 dB), in
line with the findings published in [16]. We found, however, that our auditory model seems to have a reduced
sensitivity in some of the conditions we tested, especially in the low-frequency task and this reduced sensitivity
may be related to the adopted modulation rate fmod=5 Hz. If the model is made more sensitive, then the actual
variability attributed to cochlear gain loss or synaptopathy may be larger than reported here.
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EXTENDED ABSTRACT 
Computational models of auditory processing that can incorporate pathology (1, 2, 3) may be helpful in 
understanding the effects of hearing impairment (4, 5, 6) and in the development of improved devices for 
those with hearing loss (7), such as hearing aids and cochlear implants. However, incorporating pathology 
into computational models to explain a human subject’s experimental data is typically problematic due to a 
lack of definitive knowledge about the pathology that they have. 

A number of diverse forms of genetic hearing impairment have been molecularly characterized 
from the genetically isolated human population of Newfoundland, Canada. Affected members of these 
families form a useful pool of subjects to target for computational modeling, as within each extended 
family the specific genetic mutation leads to a similar pattern of pathology and resulting 
pathophysiology and perceptual deficits, but the types of hearing loss are very different between 
families due to different gene mutations. 

A CLDN14 autosomal recessive mutation, affecting the protein Claudin14 that regulates the 
formation of tight cellular junctions, produces precipitous mid/high frequency hearing loss at around 
4–6 years of age in 15 affected family members (8). A FOXL1 autosomal dominant mutation, affecting 
the signaling protein FOXL1, gives rise to otosclerosis in 11 individuals (9). A KCNQ4 autosomal 
dominant mutation affecting the Kv7.4 ion channel leads to progressive high frequency hearing loss  in 
approximately 13 affected family members (10). A WFS1 autosomal dominant mutation, affecting the 
protein Wolframin that is involved in intracellular Ca2+ regulation, gives rise to a nonsyndromic 
low-frequency hearing loss in 28 affected individuals (11). 

We are developing computational models incorporating the suspected cochlear pathology for each 
affected relative with a specific mutation, based on psychophysical tuning curves (12) and 
distortion-product otoacoustic emission (DPOAE) growth functions (13), in addition to routine 
audiometric measures. The model for each research subject will be validated via quantitative 
predictions of advanced electrophysiological recordings, specifically auditory brainstem responses 
(ABRs) and electrocochleograms (ECochGs), and word perception in quiet and noise (14) for that 
subject. The electrophysiological measurements were collected at a range of click rates using 
continuous loop averaging deconvolution (CLAD) sequences, in order to take into consideration 
neural adaptation at high click rates (15). Model predictions of the ABRs and ECochG will use the 
unitary response function approach of (16), while word perception predictions will make use of 
physiologically-based speech intelligibility predictors (17). 
 
Keywords: Auditory modeling; genetic hearing loss; human electrophysiology 
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Abstract
Spontanoeus otoacoustic emissions (SOAEs) are sound signals emitted by the inner ear of many species in the
absence of an external stimulus. The precise mechanism underlying the generation of SOAEs is still unknown.
This paper investigates the phenomenon of frequency clustering in a system of coupled, nonlinear oscillators
as a possible mechanism underlying the generation of SOAEs. A generic system consisting of 100 Van der
Pol oscillators was implemented with dissipative and reactive coupling elements of varying strength. Frequency
clusters were investigated in terms of size, frequency and phase coherence as a function of coupling strength and
scaling of the nonlinearity. One configuration of the modelled system was synchronised by an external driving
force. Phase relations between oscillators were analysed and compared both before and after synchronisation.
Frequency clusters appeared for some configurations of the coupled system. Dissipative coupling resulted in
clusters of equal frequency spacing and similar size, while reactive coupling resulted in fewer clusters and much
more complex dynamics of the resulting system. Even though the phenomenon of frequency clustering is well
described in the literature, less is known about both the phase relation and coherence within and across clusters.
These two factors play an important role in the generation of the observed SOAEs and might help to identify the
criticial parameters of the underlying mechanism in inner ear mechanics.

Keywords: Cochlea, SOAE, nonlinear dynamics, otoacoustic emission, oscillators

1 INTRODUCTION
The human ear’s ability to detect extremely small differences in sound levels and to discriminate frequencies

with high precision has yet to be explained fully. It was argued in [6] that it would not be possible to achieve

the healthy ear’s sensitivity with passive mechanisms. In this connection the presence of an active mechanical

feedback mechanism in the ear was postulated, often referred to as the "active process" [13, 5]. This was

supported by the discovery of the spontaneous otoacoustic emissions (SOAEs) [7, 15]. SOAEs are sound signals

that can be measured in the absence external stimuli, pointing towards self-sustained activity in the inner ear,

possibly linked to outer hair cell motility [1]. An interesting characteristic of these emissions are the narrow

distributions of energy in the spectra of the emitted signal. SOAEs are vulnerable to a damage of outer hair

cells and tend to disappear even for mild hearing impairment [10]. Although the lizard basilar papilla shows a

simpler structure than the human cochlea, the SOAEs share some interesting characteristics [2]. Hence lizard

inner ear models might provide important insights for mammalian SOAE generation [13, 5]. It was reported [8]

that SOAEs in bobtail lizards contain roughly 10 evenly spaced peaks in the power spectrum. This number of

peaks is much lower than the number of hair cells in the bobtail lizard. Under the assumption that outer hair

cells play a key role, it is therefore believed that numerous cells must be synchronised within the basilar papilla

to produce sound with the characteristics of SOAEs. A model that has been of main interest in the investigation

of the active process in the inner ear is a system of nonlinear, active, coupled limit cycle oscillators [11]. This

was first suggested by [6] and modeled in different varieties [4, 3, 13, 5, 14]. These models can account for

many key aspects of the phenomena observed in SOAEs, including effects of entrainment. Entrainment is the

phenomenon that causes oscillators with different natural frequencies to group in clusters with neighbouring
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oscillators, all oscillating at the same frequency [9]. This phenomenon can either be triggered by intrinsic

oscillations within the system or by an external driving force. Even though both systems of coupled oscillators

and SOAEs are well investigated, the methods to quantify the observations differ. In order to transfer insights

from one field to the other, the implications, differences, and similarities of the various analysis methods need

to be linked in order to draw conclusions about the underlying mechanisms. The only way to analyse SOAEs in

the ear canal is by means of Fourier analysis while it is common to describe nonlinear dymamics with the help

of, e.g., phase diagrams. Because only one state variable is available for SOAEs (the pressure in the ear canal)

the assumption of a periodic oscillation is commonly made, even though nonlinear and active oscillators often

shown non-harmonic dynamics. In this paper, a model- and analysis framework inspired by previous models

of coupled, nonlinear, active oscillators is described. A system of coupled Van der Pol oscillators [12, 9] is

created to investigate the changes in behaviour both globally and locally while the parameters that define the

dynamics and the coupling between oscillators are varied. Specifically, the effects of dissipative and reactive

coupling between nearest neighbours are investigated with focus on the formation of clusters. These clusters are

analysed with respect to size, stability and phase coherence. Synchronisation effects are quantified with respect

to cluster size and cluster frequency.

2 METHODS
2.1 Model
The modeled system consisted of N = 100 Van der Pol oscillators, each described by the equation of motion:

ẍ =−ω2x+μ(1− x2)ẋ (1)

where x is the displacement from equilibrium, ẋ and ẍ are the velocity and acceleration, respectively. The factor

μ scales the nonlinearity of the system. In the case μ = 0, the eigenfrequency ω =
√

K/M of the oscillator is

defined by the spring constant K and the mass M (for this study, all masses were set to M = 1). To account

for tonotopy, a linear gradient in the eigenfrequency was introduced by

Kn =

(
ωmin +

(n−1)ωmax

N −1

)2

· εn n ∈ {1...N} εn = N (1,ν) (2)

The value of Kn was varied stochastically for each oscillator by a random variable drawn from a normal distri-

bution N with mean one and standard deviation ν to aid generation of clusters [9]. Because the phase plane

trajectory of a Van der Pol oscillator varies both with μ and ω , a scaling of the time differential was introduced

by a scaling of μ to keep the ratio ω/μ constant and to result in identical phase trajectories of all N oscillators.

This yields the equation of motion for oscillator n

ẍn =−xn +
μ(1− x2)

ωn
ẋn (3)

The force between two coupled neighbouring oscillators is given by

Fn = dn+1(ẋn+1 − ẋn)+ kn+1(xn+1 − xn)

+dn(ẋn−1 − ẋn)+ kn(xn−1 − xn)
(4)

where the dissipative and reactive coupling are described by d and k, respectively. Positions x0 and xN+1 were

held constant to zero. For the systems analysed in this paper, the boundary conditions were fixed, which means

that oscillators n = 1 and n = N are coupled to the fixed boundary points. Extending (3) with (4) and adding

an external driving force, Fext, yields a second order differential equation. This can be rewritten as a set of first
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order differential equations for numerical treatment:

dxn

dt
= ẋn

dẋn

dt
=−xn +

μ(1− x2)

Kn
ẋn +Fn +Fext

(5)

2.2 Analysis
2.2.1 Steady state criteria
The dynamics of the system was simulated for time intervals of length Tint and stopped as soon as a steady state

of the system was reached. This state was defined by a “nearly constant” energy over time and the requirement

that the minimum energy in the system must exceed a value of 10−2 ·N. The energy of each oscillator was

approximated by:

En(m) =
(m+1)Tint

∑
t=mTint

xn(t)2 , m = 0,1,2... (6)

If En(m+ 1) did not differ from En(m) by more than ten percent for all n, the system was defined to be in

steady state.

2.2.2 Frequency and cluster analysis
Three methods were used to analyze the frequency of each oscillator: 1) “Fourier mean method” (Ωf,mean),

computed as the weighted mean of all frequencies Ωi in the Fourier domain, 2) “Fourier peak method” (Ωf,peak),

computed by localising the frequency with the highest normalized peak m′ in the Fourier domain, and 3) the

“Zero crossing mean method” (Ωzc,mean) where the frequency was determined from the inverse of the mean

distance between zero crossings Δtzc in the time domain:

Ωf,mean = ∑
i

m′
iΩi ; Ωf,peak = Ω(find(m′ = 1)) ; Ωzc,mean =

1

P
=

(
2

∑Δtzc

nzc

)−1

(7)

Clusters of minimum four oscillators were analyzed with the system in steady state. In order to qualify as

a cluster, the frequency differences between oscillators within one cluster must have been smaller than half

the frequency difference between to neighboured oscillators assuming a linear gradient between the natural

frequencies of the two oscillators with lowest and highest index n in the cluster:

stepcluster <
(Ωhigh −Ωlow)

2N

where frequencies Ωhigh and Ωlow can be found using any of the frequency analysis methods mentioned above.

The phase coherence of the oscillators was computed using the estimated oscillation period combined with the

amplitude and velocity of each oscillator. The normalized [displacement, velocity]-vectors after each oscillation

period were added in the phase plane and divided by the number of periods the oscillator has gone through.

2.3 Numerical evaluation
The coupled equations of motion were solved using MATLAB’s built in ODE45 solver. For all simulations,

values in (2) were set to

N = 100 , ωmin = 2π , ωmax = 5 ·2π (8)

The sampling frequency was set to fs = 1000Hz and the maximum step size used by ODE45 to 0.01s. The

simulation was run in intervals of length Tint = 20s until the system met the steady state criteria or until the

maximum simulation time of 1000s was reached. All oscillators had initial displacement and velocity equal to
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Figure 1. System Pd . A) Spectral representation of the system dynamics. A 20 s steady state time interval

was windowed using a Hann window prior to Fourier transformation. The spectrum for each oscillator was

normalised to its maximum value to improve the graphical representation. B) State of each oscillator as function

of time (in intervals of length Tint = 20s). Steady state criteria are met for values of 1 and are not met for values

of 0. C) Clusters found when analysed using Ωf,peak. The system exhibited a regular cluster structure for the

seven equally spaced clusters. The cluster size was biggest at the ends of the row of oscillators. D) Clusters

for analysis with Ωzc,mean. Here some oscillators were located between clusters, showing intermediate cluster

structure.

0 and were excited by a short rectangular pulse at time t = 0s with width w = 0.05s and unity height. The

systems were analysed for parameter combinations P = {d,k,μ,ν}. To get a more explicit understanding of

the impact of dissipative and reactive coupling, systems were coupled by either dissipative or reactive coupling

elements of varying strength. The following parameters were used for the simulations:

d ∈ {0,1,2,5,10,20,50,100}, k ∈ {0,1,2,5,10,20,50,100}, μ ∈ {0.5,1,1.5 ... 4,4.5,5}, ν ∈ {0,0.1} (9)

In the absence of stochastic variations of Kn (i.e., ν = 0) the system was simulated once, otherwise 25 times.

The system with dissipative coupling Pd = {100,0,1,0} and the system with reactive coupling Pk = {0,20,1,0}
will be described in more detail because they showed the most comprehensive clustering behaviour.

To analyse synchronisation effects by an external driving force, a force Fext = Fsin was applied to all oscillators:

Fsin(t) = α sin(2π f t)

with α the amplitude and f the frequency of the sinusoidal force. The cluster size and -frequencies were

analysed as a function of both α and f :

fd ∈ {0,0.25,0.5 ... 6.5,6.75,7}, fk ∈ {0,0.25,0.5 ... 9.5,9.75,10}, α ∈ {0,1,10,50,100,150}
with fd and fk denoting the frequencies of the forces driving Pd and Pk, respectively.

3 RESULTS
3.1 Dissipative coupling
Figure 1A shows the spectral analysis of system Pd in steady state (reached after 80s of simulation, see Figure

1B). Clusters appeared at frequencies between 1 Hz to 5.5 Hz with equal spacing and size. This representation

shows harmonics of each oscillator at frequencies of neighbouring clusters. The clusters overlap at the cluster

edges, indicating two dominant frequencies for these oscillators. When extracting clusters using Ωf,peak (Figure

1C), all oscillators were assigned to a cluster. Analysis of the same data with Ωzc,mean (Figure 1D), resulted

in a collection of oscillators that was not discrete but more smooth with some oscillators in between clusters,

consistent with [9].
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Figure 2. A-D) Mean cluster size, the number of oscillators being part of a cluster (expressed as synchroni-

sation) for systems with varied combinations of coupling strength d and nonlinearity μ and two methods of

frequency analysis (Fourier mean method, A,C; zeros crossing mean method, B,D). E) Cluster analysis using

Ωzc,mean with estimates of the standard deviation of the estimated frequency (grey), the estimated phase coher-

ence (red) and the temporal dynamics of two selected oscillators (insets) of system Pd in steady state.

The number and size of the found clusters depended on the combination of coupling strength (dn), the value of

the of nonlinearity parameter μ and the method used to analyze the dominant oscillation period of each oscil-

lator. Figure 2 shows the size and stability of the oscillation period (expressed as synchronization) of identified

clusters for different combinations of dn and μ for Ωf,peak (A,C) and Ωzc,mean (B,D). Larger clusters were found

for stronger coupling and for higher degrees of nonlinearity. The mean cluster size and the synchronization

were slightly larger when using Ωf,peak compared to Ωzc,mean. While the maximum synchronization for Ωf,peak

was close to 1, the maximum value for Ωzc,mean was around 0.8.

The dynamics of the oscillators within a cluster or at the corners of a cluster are shown in Figure 2E for

the zero crossings mean method. The phase coherence in the middle of clusters is much higher than at the

borders, where the uncertainty on the frequency analysis is correspondingly higher. The temporal dynamics

showed a clear beating of one oscillator located between two clusters, consistent with two dominant frequencies

as indicated in Figure 1.

3.2 Synchronization with harmonic driving force
For the phase analysis the central cluster of system Pd was used. This cluster consisted of 11 oscillators with

a mean frequency of 3.3 Hz. The phase analysis of each oscillator in each cluster is shown in the absence

(upper panel) and presence (lower panel) of an external driving force in Figure 3. The phase is shown for

each time period p = 1/3.3s during the time interval Tint for each oscillator. In both cases, the first and last

oscillators showed a much wider spread of phases compared to the oscillator in the middle of the cluster. The

spread of phase is consistent with the estimate of the phase coherence (red lines). Furthermore, the mean of

the phase distribution changed along the oscillators in the analysed cluster, from a mean phase of around 5/4π
for oscillator 42 and a mean phase of around 1/3π for oscillator 52.

In the presence of an external driving force with frequency 3.25 Hz and amplitude α = 10, the cluster grows in

size and the phase distributions of all oscillators become more narrow. Especially in the middle of the cluster,

the phases collapse into a very narrow region around the mean, indicating a very stable oscillation period.

Neighboured oscillators show though a slight shift in mean phase, similar to the result in the absence of the
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Figure 3. A) Phase analysis of the central cluster in the system Pd in steady state. The cluster consisted of

oscillators n = 42 to n = 52. The mean frequency of the cluster was 3.3 Hz. The phase of each oscillator was

investigated by marking points in phase space for each time period p = 1/3.3 s. Same legend as in 2. B) Phase

analysis of central cluster in the system Pd when in steady state while being synchronised by external force

with frequency f = 3.25 Hz and amplitude α = 10. The cluster consisted of oscillators n = 33 to n = 62.

external driving force.

3.3 Reactive coupling
Figure 4 shows the spectral analysis of a system using reactive coupling (A,B) and an analysis of cluster size-

and synchronization analogue to Figure 2. Two big clusters with frequencies around fl = 3.5Hz and fh = 9Hz

are apparent in Figure 4A. The cluster frequency around 9 Hz was higher than the maximum eigenfrequency

in the uncoupled system, indicating a contribution of the coupling elements to the dominant frequency of the

oscillators. Inbetween the clusters, the oscillators showed a complex distribution of energy and no consistent

clustering behaviour. Consistent with the results using dissipative coupling, clusters tended to be larger for

higher amount of coupling and higher degree of nonlinearity, but the behaviour was much more complex (Fig-

ure 4C-F). The high variability in the synchrony of the single oscillators (panels D,F) are consistent with the

complex distribution of energy found in the spectral analysis of the system (panel A). These results indicate

a more complex dynamics and impact on the resulting frequencies when using reactive instead of dissipative

coupling.

4 DISCUSSION
For systems with dissipative coupling, similar cluster patterns compared to both [13, 5, 4] appeared in the sys-

tems. Although no frequency analysis method has been defined by [13], their results show a high similarity to

the results in the current study using Ωf,peak. The result that stronger coupling results in larger clusters (Figures

2,4) can be explained by assuming that the interaction across oscillators happens exclusively through this pa-

rameter. With increasing magnitude, the eigenfrequency of each oscillator and the local mechanical parameters

play a decreasing role. Close by oscillators will start to synchronize and, as a compound effect, increase the
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Figure 4. A-B) Same as Figure 1, but for system Pk with reactive coupling. C-F) Same as in 2, but for

variations of reactive coupling constant k.

effect on neighboring oscillators. This will be the case until the balance between across-oscillator and local

oscillator effects will balance and move towards the next oscillator cluster. Given that clustering is an effect of

active, nonlinear oscillators, it is also intuitive that increasing the amount of nonlinearity increases the effect of

clustering, leading to larger clusters.

Regarding the reactive coupling, similarities to the data presented by [4] can be observed in the spectral repre-

sentation in terms of some clearly defined clusters and some more blurry areas between the clusters. Consistent

with this, [5] found that the number of clusters decreases for bigger values of the reactive coupling coefficient,

which might be connected to the increasing mean cluster size documented in this paper. One argument why

reactive coupling shows a more complex behaviour compared to dissipative coupling is that the coupling spring

constants will affect the local eigenfrequency and hence the local tuning and by that the frequency gradient

across oscillators.

The often neglected information of oscillator clusters is the phase relation across oscillators within one cluster.

With the results in Figure 3 it becomes clear that even though oscillators might be entrained to a specific

frequency, the local properties of the oscillators will have an effect on the phase relation within a cluster. For

phenomena that represent the compound result of a whole cluster like SOAEs measured in the ear canal, this

phase shift will have important consequences on the measured magnitude. The measured magnitude can hence

not be used to estimate the size of the cluster because the addition of phase-delayed components will reduce the

resulting compound amplitude, in the extreme case to zero for components in anti phase. Phase distributions are,

in general, more narrow for oscillators located centrally in a cluster that for oscillators remote from the cluster

center. This might be connected to frequency difference between the cluster frequency and the eigenfrequency

of the local oscillator. An external driving force heavily reduces the width of the phase distributions, making

them very narrow for oscillators in the center of the cluster. It is, however, interesting to note that the phase

shift of oscillators within a cluster remains the same as in the absence of the external driving force.

5 CONCLUSIONS
A system of coupled Van der Pol oscillators with a frequency gradient showed clustering effects for both dissi-

pative and reactive coupling. The number of and distance between clusters is dependent on the magnitude and

type of the coupling between oscillators. Hence, the distance observed between SOAEs might provide infor-

mation about the type and strength of coupling in the inner ear. The size and frequency of clusters depends,
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however, on the metric used to quantify the oscillation period of each oscillator. Finally, oscillators within one

cluster showed a linear phase gradient. Hence, a better understanding of the parameters defining this phase

gradient and the interaction with the size and frequency distance of clusters is required to be able to link these

properties to analogue characteristics observed in SOAEs.
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Abstract
To investigate cochlear responses to bone-conducted (BC) tones, a two-dimensional nonlinear cochlear model
is proposed in this paper. The proposed model comprises macromechanical and micromechanical behaviors
that can be described by the Laplace equation and Neely and Kims model, respectively. An outer hair cells
model is also included as the source of cochlear nonlinearities. Cochlear responses to air-conducted (AC) tones
can generally be simulated through stapes vibration. However, in this study, sound pressure was employed
to affect the cochlear ducts outer wall for simulating cochlear responses to BC tones. Both frequency- and
time-domain solutions can solve the proposed model. Through simulation, a forward traveling wave in the
cochlea can be observed for both AC and BC tones in the frequency-domain solution. The time-domain solution
indicates compressive nonlinearity for both AC and BC tones. However, the degree of compressive nonlinearity
is the primary differentiating factor for AC and BC tones. For lower and higher input levels, the degree of
compressive nonlinearity for BC tones is respectively higher and lower than that for AC tones. The obtained
simulation results thus corroborate that compared to AC tones, BC tones generate a cochlear traveling wave
response with marginally different compressive nonlinearity.

Keywords: Sound, Insulation, Transmission

1 INTRODUCTION
In general, sounds propagating in an external field can be heard. In this situation, the sounds are collected by

the outer ear and transmitted into the cochlea. This path is known as air conduction (AC). However, a different

path exists in addition to this. Bone conduction (BC) hearing is an alternative to AC hearing, and refers to

the transmission of vibrations through the skull bone to the cochlea. However, the mechanism of BC hearing

is still unclear. Toward solving this problem, five pathways are suggested [1] as follows: sound pressure in

the ear-canal, compression and expansion of the cochlear shell, transmission of pressure from the cerebrospinal

fluid, inertia of the middle ear ossicles, and inertia of the cochlear fluid. Therefore, one can hear the BC tone

by the combination of all these pathways.

The contribution of the BC propagating pathways depends on the frequency of the incoming sound. In a real

situation, however, it is impossible to consider them separately owing to technical difficulties in investigating a

complicated hearing system. Meanwhile, a modeling study can facilitate understanding the contribution of the

BC pathways.

Linear cochlear models simulating BC excitation have been proposed and demonstrated different responses be-

tween AC and BC tones [2, 3]. These results may suggest different cochlear mechanics excited by AC and BC

pathways in a linear domain. However, it is well known that cochlear responses are nonlinear. A perception

study has indicated compressive curves in AC and BC loudness functions owing to nonlinear cochlear processes

[4]. This process can be caused by nonlinear and active elements [5].

The aim of this study is to investigate the effects of nonlinear and active elements on the input–output (IO)

property of the cochlea, develop a two-dimensional (2D) cochlear model based on our previously proposed

model [6], and estimate the BM responses for the vibrations of the stapes and cochlear shell caused by AC and

BC tones, respectively.
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Figure 1. Scheme of the cochlea.

2 COCHLEAR MODEL WITH BONE CONDUCTION
2.1 Macrocochlear model
The cochlea is a coiled duct containing fluid. As shown in Fig. ??, in the longitudinal direction of this duct,

the cochlear partition (CP) divides two chambers that are the scala vestibuli and scala tympani. Incoming

wave through the middle ear transmits in the cochlear fluid, and generates a pressure difference between two

chambers. Particularly, this pressure difference vibrates the basilar membrane (BM), which is included in the

CP, to face the scala tympani. The vibration pattern of the BM depends on frequency of the incoming sound. At

the base and apex sides, higher and lower frequencies of the sounds vibrate the BM, separately. This resonant

frequency is called the characteristic frequency (CF). The BM contains numerous sensor cells such as inner

and outer hair cells (IHCs and OHCs). The IHC transforms the incoming sound from mechanical to neural

information at different locations. Meanwhile, the OHC amplifies the BM motion by 60 dB.

In this study, we develop a two-dimensional (2D) cochlear model based on our previously proposed model [6].

Fluid contained in the cochlear duct is assumed as an ideal fluid. Hence, the pressure difference p affecting the

CP can be expressed using the Laplace equation as follows [7]:

∂ 2 p(t)
∂x2

+
∂ 2 p(t)

∂y2
= 0,0 < x < L,0 < y < H, (1)
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Figure 2. Schematic illustration of two-dimensional macromechanical cochlear model discretized by square

grids. Filled and open circles represent boundary and inner points, respectively.

where t, x, and y represent time, and the location toward the length and height, respectively; L and H are the

length and height of the cochlear duct, respectively. In the proposed model, we assume that AC and BC tones

vibrate the stapes and cochlear shell, respectively, as shown in Fig. ??. Therefore, the boundary conditions in

this model are as follows:

∂ p(t)
∂x

∣∣∣∣
x=0

−2ρẅSR (t) = 2ρẅSO (t) , (2)

p(t)|x=L = 0, (3)

∂ p(t)
∂y

∣∣∣∣
y=0

= 2ρẅ(t) , (4)

∂ p(t)
∂y

∣∣∣∣
y=H

= 2ρẅCS, (5)

where ẅSR and ẅSO are the accelerations of the stapes caused by the incoming sound and reflection from the

cochlea, respectively; ẅ and ẅCS are accelerations of the cochlear partition and cochlear shell, respectively; ρ
represents the fluid density.

2.2 Microcochlear model
In this study, we use the Neely and Kim model [8] as the micromechanical model of the cochlea, as shown

in Fig. 3. In the micromechanical system, the tectrial membrane (TM) and OHC exist on the BM. The dis-

placement of the BM and TM are represented by ξ1 and ξ2, respectively. The Displacement vector is denoted

as ξξξ = [ξ1 ξ2]
T

. Neely and Kim assumed that the discrete CP can be modeled in two mass models as the

following equation:

MMMξ̈ξξ +CCCξ̇ξξ +KKKξξξ = PPP+PPPa, (6)
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Figure 3. Micromechanical model of the cochlea [8].

where the matrices MMM, CCC, and KKK represent mass, resistance, and stiffness, respectively, and are defined as

MMM =

(
m1 0

0 m2

)
, (7)

CCC =

(
c1 + c3 −c3

−c3 c2 + c3

)
, (8)

KKK =

(
k1 + k3 −k3

−k3 k2 + k3

)
. (9)

The external pressure PPP and PPPa affect the BM; the former and latter are the pressure difference between two

chambers and the active pressure through the OHC, respectively.

PPP =

(
p(x,0, t)

0

)
, (10)

PPPa =

(
pa(x, t)

0

)
. (11)

(12)

2.3 Simulation condition
To simulate human cochlear responses, we used the values of the parameters listed in Table 1.
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Table 1. List of parameters in the cochlear model to simulate the human’s cochlea

Parameter Value Unit

l 0.035 m

N 300

M 10

ρ 1000 kg/m3

A 10−6 m2

b 10−3 m

m1 3×10−2 kg/m2

c1 120+13400e150x N · s/m3

k1 2.2×108e300x N/m3

m2 5×10−3 kg/m2

c2 88e−165x N · s/m3

m3 1.4×107e−330x N/m3

c3 16e−60x N · s/m3

k3 2×106e−3x N/m3

c4 8800e−150x N · s/m3

k4 1.15×109e−300x N/m3

γ 0.5

3 SIMULATION RESULTS
3.1 Linear responses
To calculate the BM response in the frequency domain, in this simulation, we define the active pressure pa
according to the original Neely–Kim model as follows:

pa (x, t) = γ
(

c4ξ̇c + k4ξc

)
, (13)

where γ , c4, and k4 represent the gain factor of the feedback, and the damping and stiffness of the OHC,

respectively; ξc denotes the gap between the BM and TM as follows:

ξc(x, t) = ξ1(x, t)−ξ2. (14)

Figure 4 shows the BM responses for BC and AC tones at three different frequencies. The amplitude in the

BM responses exhibit peaks depending on the sound frequency. Additionally, the locations of these peaks match

with those of both BC and AC tones. Furthermore, the angular in the BM responses is decayed from the base

to apex, and this trend is clear at the peak site of the amplitude in the BM responses. Therefore, these results

indicate that the BC tone can generate the traveling wave of the BM, as obtained by the AC tone.

3.2 Nonlinear responses
In the simulation above, we calculated the BM responses in the linear domain. However, the cochlear responses

demonstrated nonlinearities that were caused by nonlinear transductions in the OHC processing [5]. In this

simulation, we denote the active pressure pa containing the nonlinearity as follows:

pa(x, t) = γ
(

c4ξ̇ nl
c + r4ξ nl

c

)
, (15)

where ξ nl
c is the saturating property that is calculated from the distance of the gap ξc as follows:

ξ nl
c (t) = αtr tanh

(
ξc

αtr

)
, (16)
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Figure 4. BM responses for 4-, 1-, and 0.25-kHz tones calculated in the frequency domain. Solid and dashed

lines indicate the BM responses for BC and AC tones, respectively.

where al phatr is determined to be xic = xinl
c when xic is sufficiently small at 1 nm or less. The following

initial conditions are used to calculate the output from the model in the time domain.

ξξξ (x, t)|t=0 = ξ̇ξξ (x, t)
∣∣∣
t=0

= 0, (17)

pa (x, t)|t=0 = 0. (18)

Figure 5 shows the IO properties of the BM responses for BC and AC tones at frequencies of 0.25, 1, and 4

kHz. The amplitude in the BM responses is varied with the input level. For the lower input level, the IO curves

are linear for both the BC and AC tones. However, at moderate and higher input levels, the IO curves exhibit

different degrees of compressive nonlinearity. For the BC tone, this degree is higher than that for the AC tone

among the moderate input levels, but disappears at higher input levels.

4 DISCUSSION
The vibrations of the stapes and cochlear shell are related the AC and BC pathways that generate the BM

traveling wave, respectively, as shown in Fig. 4. In Ref. ??, this trend was reported. Furthermore, at the CF

site, the proposed model demonstrated cochlear amplification, i.e., a basic feature in cochlear mechanics, as

reported in Ref. [5]. Thus, these results suggest that the cochlear responses are similar for both AC and BC

tones.
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(a) 0.25 kHz tones (b) 1 kHz tones

(c) 4 kHz tones

Figure 5. IO property of BM responses obtained from the nonlinear cochlear model. Solid and dashed lines

indicate the BM responses for BC and AC tones, respectively.

In comparison to the above consideration in the linear domain, however, real cochlear responses are nonlinear.

Hence, we proposed a nonlinear cochlear model excited by BC tones. As shown in Fig. 5, the IO property

of the model shows nonlinear curves. Particularly, it is known that the growth of the IO on a moderate input

level is less than that at a lower input level [9]. This phenomenon is known as compression and is key for

understanding cochlear mechanics [5]. Comparing the IO curves of AC and BC tones, at moderate sound

pressure levels, the degree of compression caused by the BC tone is large. However, at higher sound pressure

levels, the degree of compression caused by the AC tone tends to increase. Hence, the IO curves derived from

the loudness function demonstrated the similar result [4]. Therefore, these results indicate that the AC and BC

pathways can be divided by focusing on the difference in the degree of compression.

5 CONCLUSIONS
Nonlinear and active elements that affect the IO property of the cochlea were investigated in this study. Ad-

ditionally, a 2D cochlear model excited by both AC and BC tones was developed. The proposed model could
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exhibit the BM traveling waves for both tones. However, the degree of compression was different between the

two pathways.
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Pulse coding in the ensemble of peripheral fibres and auditory 
discrimination of the tone burst intensity 
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N. N. Andreev Acoustics institute, Russia 

ABSTRACT 
The intensity discrimination of tone bursts with middle intensity presented either alone or before (after) noise 
masker was poorer than the discrimination of the bursts with low or high intensity. We have offered a general 
explanation of the discrimination of the bursts presented in the different conditions. In simulation 
experiments, the properties of two complementary distributions of the spike activity of ensemble of 
peripheral fibres were studied. They were the distribution of the spike occurrence in time and the inter-spike 
interval distribution. Model input signals were single pulses, or combined sounds composed the test pulses 
that followed or preceded the masking pulses. The distribution peaks kept different information about the 
pulses or the combined sounds. The peaks were assumed to be neural bases for various subjective features. 
Changes in the amplitudes of either single pulse or the test or masking pulses of combined sound caused 
changes in the weights of the feature bases and their sensitivities to an amplitude increment. The results of 
our simulation and psychoacoustic experiments revealed a qualitative similarity. In particular, the amplitude 
(or intensity) discrimination of the masked model pulse (or real tone burst) depended on the amplitude’s (or 
intensity’s) ratio of the test and masking pulses (or bursts) but did not depend on positions and delays of the 
test pulse (or burst) relative to the masking pulse (or burst). 

Keywords: Auditory nerve fibre, Ensemble, Distributions, Subjective features, Intensity discrimination 

1. INTRODUCTION 
Auditory intensity discrimination of a tone burst presented alone or under temporal masking 

conditions has been shown to reveal specific characteristics, the origin of which is not yet understood 
and differentially interpreted by various authors. Intensity discrimination of the single tone burst with 
middle intensity has been shown to be poorer than discrimination of a burst with either a low or high 
intensity (1-3). Intensity discrimination of a tone burst of middle intensity and presented after or 
before an intense noise masker was also shown to be poorer than discrimination of a burst with either 
low or high intensity (4-9).  

Deterioration of intensity discrimination has been found in the intensity range of the tone burst, 
where a loudness enhancement effect was present. For listeners, tone bursts having middle intensity 
and presented under temporal masking can be perceived as louder than similar bursts presented in 
silence (8, 10-12). The loudness enhancement was suggested to cause an increase in the variability of 
the representations of intensity; therefore, the intensity discrimination may deteriorate (8, 12). 

In the present work, we have offered a general explanation of these effects.  
The process of converting the receptor potentials of inner hair cells into action potentials (spikes) 

of auditory nerve fibres could be crucial for intensity encoding of high frequency sound. According to 
the volley theory (13), multiple fibres simultaneously discharge to reproduce the structure of these 
sounds. This multiple response could be represented in the form of complementary distributions of 
spike activity (14). We assumed (15) that the auditory system is able to use information from at least 
two complementary distributions of ensemble activity of the peripheral fibers in the loudness 
formation or in the intensity discrimination of high-frequency pulses, presented alone or within a 
combined sound. These include the distribution of the spike occurrence in time and the  inter-spike 
interval distribution. We assumed that the peaks of the distributions could create neural bases for 
subjective features of the test pulse and the combined sound. 

In this work, the responses of the ensemble of peripheral fibres to tone pulses were simulated, and 
the coding properties of the ensemble, as well as the properties of the two abovementioned 
distributions were evaluated. In addition, it was simulated an intensity discrimination task using the 
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approach (16) that allow one to compared psychophysical thresholds with the sensitivity index d’ (17), 
calculated based on the activity of peripheral fibres.  

To compare the contributions of different subjective features in pulse intensity discrimination, we 
evaluated the weights and the sensitivity indices d’ to incremental change in amplitude for the neural 
bases of various features, where the weight was equal to the density of the corresponding peak of the 
distributions. The discrimination task simulation will allow us to formulate the goals and objectives of 
the psychoacoustic experiments that we can conduct. The results of psychoacoustic and simulation 
experiments will be qualitatively compared. The coincidence of the results can confirm the hypothesis 
about participation the various distributions of the ensemble activity of the peripheral fibres in 
intensity discrimination of tone bursts presented alone or under temporal masking.  

2. COMPUTER SIMULATION EXPERIMENTS 

2.1 Auditory Nerve Fibre Model 
To simulate the ensemble response of the auditory nerve fibres (ANF), we applied a 

phenomenological model (15, 18). The ANF model includes several transformation stages of an input 
signal X(t): (1) the formation of the basilar membrane response Y(t); (2) the formation of the receptor 
potential of the inner hair cell R(t), synaptic noise S(t) and the synaptic potential of the spiral ganglion 
neuron G(t); (3) the generation of a sequence of action potentials (spikes) by the spiral ganglion neuron 
Pi. The receptor potential R(t) was equal the response Y(t). Synaptic noise S(t) was modeled as a 
random process with a mean value and a rms deviation that were proportional to Y(t). To reproduce the 
SA, the rms deviation was increased by a value z. The latter value was chosen so that the SA was less 
than 5 spikes per second in all ANF models in the ensemble. The integration process of S(t) completed 
the formation of the potential G(t). The transformation of the synaptic potential into the sequence of 
spikes included comparing G(t) with a time-dependent threshold function H(t). If G(t) exceeded H(t), 
an action potential (or a spike) was generated. Each spike caused a temporal increase in the threshold. 
During an interval equal to the sum of the absolute and relative refractoriness periods, the threshold 
function H(t) decreased to reach the initial value H0. The function H(t) had fast and slow components. 
To simulate the adaptation properties, their initial values of these components after spike generation 
were increased by the residual values of the components that existed prior to spike generation. 

The parameters of the ANF model were chosen to reproduce the well-known responses of the real 
ANF. The characteristic frequency of the basilar membrane filter in the ANF model was 4 kHz. 
Nonlinear properties of the BM filter were not considered because we focused on the transformation 
peculiarities of the receptor potentials of the inner hair cells into the spike response of the ANF 
ensemble. The test and masking pulses were segments of a sinusoid with durations of 5 -15 ms and 
frequency equal to 4 kHz. The delays between the onsets of the test and masking pulses were equal to 
20 - 90 ms. The calculation step in the ANF model was equal to 1 μs.   

A post-stimulus time histogram (PSTH) and inter-spike interval histogram (ISIH) were calculated 
based on the ensemble reaction consisting of 100 ANF models. The ensemble reaction was obtained in 
response to one presentation of the test pulse or the combined sound. The bin width in histograms was 
equal to 0.1 ms. The aggregation periods were equal to 100 μs for PSTH and 100 ms for ISIH. 

The PSTH and the ISIH obtained in response to the single test pulse had one peak. The density of 
the PSTH peak could be the basis for a loudness component called ‘the basic loudness component,’ and 
the density of the ISIH peak - the basis for ‘the complementary loudness component’ (15). The PSTH 
and the ISIH obtained in response to the combined sound had a pair of peaks. The PSTH peaks 
preserved information about the amplitudes and the relative positions of the test and masking pulses. 
They were responsible for the basic loudness components of the test and masking pulses. The ISIH 
peaks did not carry information about the temporal position of the tone pulse relative to the masker. 
The first ISIH peak corresponded to those inter-spike intervals whose width did not exceed the 
duration of the test and masking pulses. The peak combined the intervals generated in response to the 
test and masking pulses and constituted the complementary loudness component of the combined 
sound. The second peak of the ISIH corresponded to the inter-spike intervals whose width correlated 
with the delay of the tone pulse relative to the masker. A temporal position and density of the peak 
were responsible for periodicity pitch and strength of the periodicity pitch of the combined sound.  

The test pulse presented alone had basic and complementary loudness components. The test pulse 
presented before (after) masking pulses had two basic loudness components of the test and masking 
pulses, as well as the complementary loudness component of the combined sound. To compare the 
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participation of these components in intensity discrimination task, we calculated the weights (equate 
to the peak densities) and sensitivity indices d' in accordance with the ratios from (19). 

2.2 Responses of the ensemble of the fibre models to a single tone pulse  
The complementary PSTH and ISIH were obtained in response to a single pulse with duration of 10 

or 90 ms (Figure 1, a, b). The pulse detection threshold evaluated based on the PSTH was PS and the 
threshold evaluated based on the ISIH was PI (Figure 1, IY). Considering the thresholds PS and PI, the 
amplitudes of the pulse with a duration of 10 ms could be divided into three groups ( Figure 1, a). The 
first group included low-amplitudes S that were lower than the threshold PI. The sum of spikes (N_S) 
obtained in response to pulse presentation was lower than the number of fibres in the ensemble 
(N_S<<100). The sum of intervals (Max1) was equal to zero. Each fibre could respond not more than 
once, and the pulse was coded by the number of excited fibres. Pulse coding scheme was stochastic. 
The second group included middle-amplitudes S. They were higher than the threshold PI (S>PI). Most 
fibres in the ensemble were involved in the response to the pulse (N_S<=100), but the sum of intervals 
was lower than the number of fibres in the ensemble (0<Max1<100). The fibres responded to the pulse 
more than once, and pulse was coded by the number of excited fibres and the number of generated 
spikes. The coding scheme was mixed, i.e., stochastic and deterministic. The third group included 
high-amplitudes S. They were significantly higher than the threshold PI (S>>PI). The sum of spikes 
(N_S) exceeded the number of fibres in the ensemble (N_S>100). The pulse was coded by the number 
of generated spikes, and the coding scheme was predominantly deterministic.  

 
Figure 1 - Profiles of tone pulses (I), the post-stimulus histograms (II), the inter-spike interval histograms 

(III), the dependences of the sums of spikes N_S and inter-spike intervals Max1 corresponded to the 
histogram peaks on the pulse amplitude S (IY). The duration of the pulse is equal 10 ms (a) or 90 ms (b). 
The graphs show the amplitude of the pulse S (I), the sum of spikes N_S (II) or inter-spike intervals Max1 

(III). On IY, it is marked the range of the mixed coding scheme. Abscissa: time in ms (I, II), inter-spike 
interval in ms, ISI, (III), the pulse amplitude, S, (IY). Ordinate: the pulse amplitudes (I); number of spikes in 
bin (II); number of inter-spike intervals in bin (III); sum of spikes N_S and inter-spike intervals Max1 (IY). 

The division of the amplitudes into groups was related to the pulse duration (Figure 1). For pulses 
with a duration of 90 ms, the thresholds PS and PI were lower than that for a pulse with a duration of 
10 ms, i.e., 50 and 150 ms vs 100 and 320 ms. An increase in duration caused both a reduction in the 
range in which the mixed coding schemes operated and a shift in the range towards the low amplitudes. 
Regarding this, the thresholds of PS and PI for long-duration tones would be similar and coding 
scheme was predominantly deterministic. However, the coding scheme of clicks was stochastic 
(PI=∞) and the complementary loudness component was absent.  

To estimate participation of these components in intensity discrimination, we calculated the 
dependences of d’(N_S) and d’(Max1) on dS (Figure 2). There are two horizontal lines on the graph, 
where d’ is equal 1 or 3, i.e., the detection probability of dS was 76% and 98.5% (19). The pulse 
duration was 10 ms. The pulse amplitude S0 was low, middle and high. Because of significant 
fluctuations, the indices were calculated 10 times and averaged.  The 90% confidence intervals of the 
mean values of d' are shown on Figure 2.  

For low-amplitude pulses S0 (250), the coding scheme was stochastic, and the complementary 
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component was absent (Figure 2). The weight of the basic component characterized pulse loudness, 
and only this component contributed to amplitude discriminations of the pulses. For high -amplitude 
pulses S0 (750), the coding scheme was predominantly deterministic, so the two loudness components 
were present. They had different weights but the relative difference in their weights had decreased.  
The mean values of d’(N_S) and d’(Max1) were similar, and the confidence intervals were the lowest. 
Both components equally contributed to loudness assessment and amplitude discrimination of the 
pulse.  

 
Figure 2 - The dependences of the sensitivity indices d’(N_S) and d’(Max1) on the amplitude increment dS. 

The pulse amplitudes S0 are shown on graphs. Abscissa - increment dS. Ordinate - value of d’(N_S) and 
d’(Max1). Horizontal lines pass through the points d’ =1 and 3. 

For middle-amplitude pulses S0 (400), the coding scheme of the pulses was mixed, and the two 
loudness components were present. In contrast to the basic component, the complementary one had a 
lower weight, was more sensitive to the amplitude increment, and had wider ranging confidence 
intervals for the mean values of d’. Feedback between the weights and the sensitivity indices d’ could 
lower the accuracy of loudness assessment and impair the amplitude discrimination of the pulses.  Thus, 
changes in the coding schemes could affect loudness formation and amplitude discrimination of the 
pulses. 

2.3 Responses of the ensemble of the fibre models to the combined sound 
The response of the ANF ensemble was received to a single presentation of the combined sound 

composed of the test pulse (stimulus) and the masker pulse (masker) with durations of 10 ms (Figure 3). 
The stimulus amplitudes S were middle and the masker amplitudes M varied from 100 to 800.  

The profiles of the PSTH and the ISIH had pairs of peaks (N_S, N_M and Max1, Max2). Variations 
in amplitude M influenced the reactions induced by the stimulus. The density of the peak N_S changed 
only when the stimulus followed the masker. The densities of the peaks Max1 and Max2 depended on 
the ratio of the amplitudes M and S but not on the position and the delay of the stimulus relative to the 
masker or on their durations. If M<S, then the density of the peak Max1 was held approximately 
constant, and the density of the peak Max2 increased with increasing amplitude M. If M>S, then, 
conversely, the density of the peak Max1 increased, and the density of the peak Max2 remained 
constant with increasing amplitude M. 

The three loudness components (N_S, N_M and Max1) were involved in the intensity 
discrimination task. N_S and N_M were the bases for the basic loudness components of the stimulus 
and masker and Max1 was the basis for the complementary component of the combined sound. To 
evaluate participation of the three loudness components in amplitude increment detection, it was 
compared their weights (that equate to the peak densities) and sensitivity indices d' (Figure 4). The 
stimulus amplitude S0 was always considered middle, equal to 400. The masker amplitude M could be 
low, middle or high. The weights of the N_M, N_S and Max1 components fluctuated very weakly but 
the indices of d'(N_S) and d'(Max1) fluctuated strongly. Thus, the indices were calculated 10 times and 
averaged. The 90% confidence intervals of the mean values of d' are shown on Figure 4. 

For low-amplitude M (250) and S>M, the masker coding scheme was stochastic, and the stimulus 
coding scheme was mixed. The complementary component (Max1) was formed only by the inter-spike 
intervals caused by the stimulus. The N_M component did not affect increment detection dS. The 
weight of the stimulus basic loudness component (N_S) significantly exceeded the low weight of the 
complementary loudness component (Max1), but sensitivities of the stimulus basic component (N_S) 
exceeded the sensitivities of the complementary component (Max1). Thus, the feedback between the 
weights and sensitivities of the N_S and Max1 components could reduce the accuracy of loudness 
assessment and impair amplitude discrimination of the pulses. We could see the same conditions when 
the stimulus was presented in silence. 

For high-amplitude M (750) and S<<M, the weight of the masker basic component (N_M) had 
noticeably exceeded the weight of the stimulus basic component (N_S). Due to the large contribution 
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of the N_M, the sensitivity index of d’(Max1) decreased relative to the index of d’(N_S). The weight of 
the stimulus basic component (N_S) was low, and the sensitivity index d’(N_S) was high. By contrast, 
the weight of the complementary component (Max1) was high, and the sensitivity index d’(Max1) was 
low. Thus, the feedback between the weights and sensitivities of the N_S and Max1 components could 
lower the accuracy of loudness assessment and impair amplitude discrimination of the pulses.  

                   a                  b                       c               d 

 
Figure 3 - Profiles of the combined sounds (I); the post-stimulus histograms (II) and inter-spike interval 
histograms (III); dependences of the sums of spikes (N_S and N_M) and the sum of inter-spike intervals 
(Max1 and Max2) correspondent to peaks of the histograms on the masker amplitude M (IY). The graphs 

show the pulse and masker amplitudes (S and M); the delays, D; the sum of spikes N_S and N_M (II) 
corresponded to the two peaks of the of post-stimulus histogram arisen by pulse and masker; the sum of 

inter-spike intervals Max1 and Max1 corresponded to the two peaks of inter-spike interval histogram arisen 
by combined sound. On a and b, it is shown comparison of the responses to the combined sounds with 

different positions the pulses relative to the maskers; on b and c –with different delays D of the pulses relative 
to the maskers; on c and d – with different delays D, the amplitudes S and the pulse durations. Abscissa: time 

in ms (I, II), inter-spike interval, ISI, in ms (III), amplitude M (IY). Ordinate: the pulse and masker 
amplitudes (I); number of spikes in bin (II); number of inter-spike intervals in bin (III); sum of spikes or 

inter-spike intervals corresponded to histogram peaks (IY). 

 
Figure 4 - The dependences of the sums of spikes N_S, N_M and inter-spike intervals Max1 on the amplitude 
of pulse S (I) and the dependences of the sensitivity indices d’(N_S) and d’(Max1) on the increment dS (II). 
The tone pulses preceded the pulse maskers. On (I), the graphs show the pulse S0 and masker M amplitudes. 
N_S and N_M - the sum of spikes corresponded to the two peaks of post-stimulus histogram arisen by pulse 
and masker; Max1 and Max1 - the sum of inter-spike intervals corresponded to the two peaks of inter-spike 
interval histogram arisen by combined sound. Abscissa: amplitude of the pulse (S0+dS) (I); - increment dS 

(II). Ordinate: the sums of spikes (N_S and N_M) or inter-spike intervals (Max1) corresponded to the peaks of 
the two histograms (I); the mean values of indices d’(N_S) and d’(Max1). Horizontal lines pass through 

points d’=1 and 3. 
For the middle-amplitude M (400) and S~<M, the coding schemes of the stimulus and the masker 
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were mixed. The complementary component (Max1) was formed by the stimulus and the masker. The 
weights of all loudness components (N_M, N_S and Max1) were comparable. The complementary 
component (Max1) could enhance one of the two basic components (N_S or N_M). The indices 
d’(Max1) and d’(N_S) were equal. The similarity between the coding schemes, between the weights of 
the three loudness components (N_M, N_S and Max1) and the indices d’(Max1) and d’(N_S) could lead 
to errors in loudness assessment of the stimulus and the masker, as well as to deterioration in amplitude 
discrimination of the stimulus. We received a similar result when the stimulus followed the masker (it 
is not shown). The worst conditions for loudness formation of the test and masking pulses and for 
amplitude discrimination of the test pulse occurred when the pulses had middle amplitudes and their 
coding schemes were mixed. It is important that the amplitudes the test and masking pulses, but not 
their temporal positions or delays (Figures 3-4) were responsible for the coding schemes and the 
appearance of the complementary component of the combined sound. 

3. PSYCHOACOUSTIC EXPERIMENTS 

3.1 Introduction 
According to the simulation, loudness assessment and amplitude discrimination of the test pulses 

that followed or preceded the masking pulse depended on the ratio of amplitudes of the test pulse and 
the masking pulse rather than the positions and delays of the test pulse relative to the masking pulse.  If 
similar properties we could find in the auditory perception, it would indicate that the two distributions 
of ANF ensemble activity involved in the pulse intensity discrimination. 

The auditory deterioration of intensity discrimination and loudness enhancement of the test tone 
burst (stimuli) with intensity of 25-, 55- or 85-dB SPL were found when the intensity of the masking 
pulses was varied (9). The stimuli followed the maskers. The delay between them was 100 ms. The 
profiles of the dependence of the Weber fraction (or the ratio of the smallest noticeable intensity 
increment, dI, to the pulse intensity, Is; dI/Is in dB) on masker intensity were related to the ratio of the 
intensity of the stimuli and maskers. If the masker intensity was lower than stimulus intensity, the 
values of the Weber fraction fluctuated relative to that obtained in quiet. If masker intensity exceeded 
stimulus intensity by less than 15-30 dB, the Weber fraction increased proportionally to the increase in 
masker intensity. If masker intensity exceeded stimuli intensity by more than 15 -30 dB, then the 
growth of the Weber fraction exhibited a slowdown. For the same listeners, Oberfeld (9) estimated the 
loudness of stimuli that followed the masker. A significant correlation between the deterioration of 
intensity discrimination and loudness enhancement of the stimuli was demonstrated. Suggest that the 
reason for the correlation was the similarity between the stimuli and maskers.  Considering date from 
(8, 9, 12), we designed our experiments. We aimed to obtain the dependences of the Weber fraction on 
masker intensity when the tone burst both followed and preceded the masking burst, the timing of the 
tone burst relative to the masking burst, tone burst intensity and duration varied. 

3.2. Method and Results 
The auditory experiments were carried out in a soundproof chamber. An adaptive two-interval 

procedure with two alternative forced-choices was used. The test sequence consisted of two intervals. 
One interval contained the test and the masking bursts, and the other - the standard and masking bursts. 
The intervals were generated digitally as files. The files were played in a random order using the EMU 
0204 24-bit audio adapter with a sampling frequency of 44.1 kHz. The sounds were presented to 
listeners’ right ear using Shennheiser HD-265 headphones. All bursts were Gaussian-shaped sinusoids 
with a frequency of 4 kHz and a bandwidth of 460 Hz in the first and second series of measurements 
and 200 Hz in the last one. The intensities of the standard tone bursts (Is) were equal to 20, 30, or 40 dB 
SL i.e., over the individual absolute threshold for the tone burst.  The intensities of the masking bursts 
(Im) varied in the range of 10-70 dB SL. The tone bursts presented before or after the masking bursts. 
The delays, D, between the middle parts of the tone bursts and the masking bursts were equal to 20  
-180 ms. Three listeners with normal hearing under the age of 35 years participated in the experiment.   

The Weber fraction function was the dependence of the intensity discrimination threshold (dI/Is) on 
the intensity of the masking bursts (Im). For all tested listeners, the functions obtained were very 
similar and, therefore, were averaged. In the first series of experiments the standard tone bursts had 
different intensities (Is) and a delay (D) of 50 ms (Figure 5, a). In the following experiment the 
standard tone bursts had an intensity of 40 dB SL and the delays of 20, 50 and 80 ms (Figure 5, b). In 
the last series of experiments, the bandwidth of the stimuli and the maskers was reduced to 200 Hz and 
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the range of masking intensity was increased. The tone burst intensity was equal to 40 dB SL, and the 
delays to 80, 130 and 180 ms (Figure 5, c). All Weber fraction functions had an inflection point that 
corresponded to the masker intensity being equal to the standard burst intensity. If the intensity of the 
masker was below the inflection point, then the Weber fraction corresponded to those obtained in quiet. 
If the masker intensity exceeded the inflection point, the Weber f raction increased proportionally to 
the masker intensity. As the intensity of the standard burst increased, the values of the Weber fraction 
obtained in quite decreased. The inflection point moved towards the higher intensities of the masker. 
In the masker intensity range of 60-70 dB SL, the Weber fractions could exhibit a slowdown in growth. 
The well-known and our Weber fraction functions matched each other. The profiles of the functions 
depended on the ratio of amplitudes of the stimuli and maskers rather than their temporal positions and 
delays.                       a                 b                    c 

 
Figure 5 - The dependence of intensity discrimination thresholds for tone bursts that preceded or followed the 
masking bursts on the intensity of the latter. The delay has a minus sign if the stimuli preceded the maskers 

and a plus sign if the stimuli followed the maskers. On a and b: the bandwidth of both the stimulus and 
masker is equal to 460 Hz; on c – 200 Hz. Parameters on a: the intensity of standard burst; the delay between 

the burst and the masker; on b and c: intensity of standard burst and delays. The points on the ordinates 
correspond to the intensity discrimination thresholds in quiet. Abscissa: the masker’s intensity in dB SL. 

Ordinate: intensity discrimination thresholds in dB. 

4. SUMMARY AND CONCLUSIONS 
To explain the intensity discrimination of tone bursts presented alone and under temporal masking 

it was evaluated the coding schemes for high-frequency pulses with different amplitudes and durations 
in an ensemble of peripheral fibers. It was received the two complementary distributions of the 
ensemble activities received in response to the single pulse presented alone or under temporal masking. 
The distributions peaks carried different information about the test and masking pulses. The peaks 
could create the bases for the basic loudness components for the two pulses and the complementary 
loudness component of the combined sound. 

It was found that the coding properties (Figure 3) and the amplitude discrimination properties 
(Figure 4) of the test pulse presented before or after masking pulse depended on the amplitude’s ratio 
of these pulses but did not depend on their positions and delays between them. The own auditory 
experiments (Figure 5) confirmed this conclusions. Considering the simulation results, the intensity 
discrimination of tone bursts could be explanted as follows: 

1. The deterioration of intensity discrimination of a single mid-intensity tone bursts (1-3) could 
appear due to feedback between the weights and the sensitivities of the basic and complementary 
loudness components (Figure 1-2). The feedback could lower the accuracy of the loudness estimate 
and therefore degrade the amplitude discrimination of the single tone bursts.  

2. The mid-intensity tone bursts under temporal masking could be subjectively louder than bursts 
presented alone (8, 10-12) because the complementary loudness component of the combined sound 
could enhance the loudness of the masked bursts (Figure 3). 

3. The deterioration of intensity discrimination of the tone bursts under temporal masking (9) 
provided that the test and masking bursts have similar intensities could be due to the similarity of the 
coding schemes of the test and masking bursts and appearances the complementary loudness 
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component of the combined sound. The simulation revealed a relationship between loudness and 
discrimination of the intensity of the test pulse (6, 8, 9, and 12). In particular, for test and masking 
pulses with similar amplitudes (but the masker amplitude was some higher), the two loudness 
components were similar sensitive to the test pulse amplitude changes and the third loudness 
component was insensitive to that changes (Figure 4). The weight of the basic loudness component of 
the test pulse was less than the weight of the basic component of the masking pulse, but was more than 
the weight of the complementary one. The last component could enhance the loudness of either test or 
masking pulse. We believed that confusion in the weights and sensitivities of the three loudness 
components could cause deterioration in discrimination of the intensity of the test pulse. The greater 
the amplitude of the masking pulse, the greater the weight of the complementary component, the 
greater the confusion. However, if differences between amplitudes of the test and masking pulses were 
significant then their loudness differed better in the presence the complementary component of the 
combined sound (Figure 4). The feedback between the weights and the sensitivities of the basic 
loudness component for the test pulse and the complementary one for the combined sound could lower 
the accuracy of the loudness estimate and therefore somewhat degrade the amplitude discrimination of 
the test pulse. In this case, the causes of deterioration were similar to those that occurred in the 
amplitude discrimination of single mid-amplitude pulses. 

Thus, our study confirmed the hypothesis (14) that the neural temporal code used by the auditory 
system to analysis the high-frequency sound could combine information from the complementary 
distributions of the ensemble activity of the peripheral fibres. 

Supported by the Russian Foundation for Basic Research (RFBR, grant No. 14-04-00155). 
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ABSTRACT 
When provided with electric-acoustic stimulation (EAS), cochlear implant (CI) users with residual acoustic 
low-frequency hearing in the same ear show enhanced speech perception compared to subjects with 
conventional CIs. However, when electric and acoustic stimulation is presented at the same time, masking 
between both modalities occurs. To date, it remains unclear at which stage of the auditory pathway these 
masking effects arise (i.e. at the level of hair cells, the auditory nerve or more centrally). 
In order to investigate the underlying mechanisms of electric-acoustic stimulation, we develop a 
computational model of the spiking activity in auditory nerve fibers (ANFs) triggered by combined 
electric-acoustic stimulation. We present our approaches to couple existing state-of-the-art models, each of 
which simulates spiking responses to either electric or acoustic stimuli.  
 
Keywords: cochlear implants, auditory nerve fibers, modelling 

OVERVIEW 
Thanks to recent improvements in surgical technique and electrode design, it is now often possible 

to preserve residual acoustic hearing in the low frequencies during the insertion of a cochlear implant 
(CI) in the same ear. Compared to users of conventional CIs, these subjects receiving combined 
electric-acoustic stimulation (EAS) show enhanced speech perception, especially in noisy situations 
(1). However, impeding interactions between both modalities are possible  when the cochlea is 
simultaneously stimulated acoustically and electrically. Masking between electric and acoustic 
stimulation has been observed in auditory nerve fiber (ANF) spike trains in animals (2) as well as in 
electrocochleographic (ECochG) responses (3) and psychophysical experiments with humans (4–6), 
but it is unknown at which stage of the auditory pathway these interactions take place and how they can 
be taken into account in future CI stimulation strategies. 

Here, computational models can be used to improve the understanding of the underlying interaction 
mechanisms in EAS users. Existing models either simulate ECochG responses phenomenologically (7,8) or 
calculate ANF spiking for sole acoustic (9,10) or electric (11–13) stimulation. We present a new model, 
where we coupled the acoustic model of Bruce et al. (2018) with a model of electrically induced spikes in 
ANFs. Our model shows appropriate responses to acoustic stimulation of remaining hair cells as well as to 
direct electric stimulation of ANFs.  
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Environmental audio scene description and rendering model 

for virtual or augmented reality 
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ABSTRACT 

New virtual and augmented reality audio experiences require rendering multiple digital objects and 

supporting navigation though complex scenes for a listener using earphones or a head-mounted audio-visual 

display device. Practical audio scene rendering and creation tools developed for these applications originate 

from game audio systems and address the effects of acoustic reverberation, reflectors and obstacles in the 

virtual and/or physical environments, using combinations of pre-computed and real-time propagation models. 

It is desirable to separate the characterizations of the environment, the listener, and the individual sound 

sources, in a manner that enables minimizing the per-source propagation and rendering computations to be 

executed in real time according to source or listener positions, orientations and movements. In this paper, we 

review the OpenAL EFX scene description and rendering model and demonstrate how it can be extended to 

meet these objectives by exploiting statistical properties of diffuse reverberation decays in enclosures. In 

augmented reality applications, for instance, this enables the realization of a computationally efficient 

real-time binaural rendering engine that can blend multiple virtual audio objects within the acoustics of a 

user's local environment, detected at rendering time. 

 

Keywords: Audio, Scene, Virtual, Augmented, Reality 

 

                                                        
1 jmjot@magicleap.com; raudfray@magicleap.com  

714



Attempt to improve the total performance of sound field reproduction system:
Integration of wave-based methods and simple reproduction method

Hiroshi KASHIWAZAKI(1), Akira OMOTO(2)

(1)Graduate School of Design, Kyushu University, Japan, hrs@penr.in
(2)Faculty of Design, Kyushu University, Japan, omoto@design.kyushu-u.ac.jp

Abstract
The sound field reproduction system can be applied to various applications. The primary objective of the sys-
tem is to physically reproduce an arbitrary sound field correctly. However, physical accuracy is not the only
requirement in a situation where the system is actually used. Through several applications, we assumed the
following four factors as total performance; A) physical accuracy, B) robustness against disturbances, C) flexi-
bility for additional direction, and D) capability of integration with visual media. We used 24-channel narrow
directional microphone array and 24-channel loudspeaker as a platform to be considered and worked to improve
overall performance. As one of the reproduction methods, directional information can be easily reproduced by
amplitude panning which relies on the directivity of the microphone themselves, but the microphone leakage
effect occurs in the low frequency. On the other hand, wave-based methods such as boundary surface control
or higher-order ambisonics are effective for physical accuracy, but control of high frequency is difficult. There-
fore, if wave-based method and simple reproduction method are combined, there is a possibility to reproduce
a wide frequency range well. We discuss the total performance of this reproduction method through ITD/ILD
measurement and visualization of a wide range of wavefront.
Keywords: Sound field reproduction, Narrow directivity microphone, Boundary surface control, Higher-
order Ambisonics

1 INTRODUCTION
1.1 Total performance
The authors had attempted to improve the performance of the immersive sound field reproduction system based
on the physical principle[1, 2]. An example is the Sound Cask which used 96-channel loudspeaker array and
80-channel microphone array and based on the Boundary Surface Control principle developed by Ise. In such a
system, the physical reproduction accuracy of the sound field was mainly focused.
Then, using such a reproduction system, we wanted to use, for example, the following things;

• We want to mix the signal of the main microphone for sound field reproduction and change it to a more
core sound.

• We want to use sound field reproduction technology as an auxiliary role of adding reverberation as in the
conventional audio mixing.

• We want to use it as a simulator in combination with visual media.
For such usage, the following functions and performance are required;

• Physical reproduction performance.
• Robustness to disturbances and stability in environments with multiple people.
• Flexibility to operation on production such as mixing or adding reverb.
• Capability of integration with visual media.

Currently, the above items are assumed to contribute to “the total performance” of the system.
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Figure 1. Systems overview; (a) the Hedgehog microphone array which consists of 24 narrow directional micro-
phones, (b) the loudspeaker array of stacked-ring layout in three layers, and (c) image when presenting sound
and video using a cylindrical screen installed inside the loudspeaker array.

1.2 Platform of examination
There are several sophisticated multi-channel reproduction strategies such as SIRR[3], DirAC[4], SDM[5], and
Ambisonics[6] including higher order. Based on such an assumption describe in the previous section, we built
an extremely simplified and flexible system that is easy to handle for mixing and reverb, adding screen, etc., as
shown in Figure 1.
For sound field recording, a 24-channel narrow directional microphone array is used. It consists of upper, middle
and lower layers at 45-degree intervals, and eight microphones are arranged at 45 degrees in the azimuth direc-
tion. The distance between the microphone elements is around 140 mm in the horizontal direction and around
160 mm in the longitudinal direction. So, the spatial Nyquist frequency when performing array processing is
expected to be about 1000 Hz to 1200 Hz.
24-channel loudspeaker array with a stacked-ring layout for playback. It also consists of upper, middle and
lower layers at 20-degree intervals, and eight microphones are arranged at 45 degrees in the azimuth direction.
The distance from the listening position to each speaker is 2 m.

1.3 Simple reproduction method
The most basic and easy way to reproduce using this platform is to output the recorded signal directly from
the loudspeaker located almost corresponding direction. The amplitude weighting due to narrow directivity is
expected to work as natural amplitude panning. This method can be interpreted as an extension of the 6-channel
system proposed by Yokoyama[7].
The directivity of the microphone directly affects the reproduction performance. In the case of the element
used for the Hedgehog microphone, directivity becomes narrow at 2 kHz or more. So high performance can
be expected in high-frequency range. On the other hand, wide directivity in the low-frequency range causes
bass-boost and loss of spatial resolution.

1.4 Wave-based integration strategies
Therefore, a wave-based method is introduced to improve this. In contrast to the Direct method, which is
suitable for high-frequency control, the wave-based method can be said to easy to control low-frequency range
in terms of spatial aliasing.
In this manuscript, examines whether the integration of the wave-based method is effective. Tree wave-based
methods are implemented in section 2, and those methods are evaluated for performance by measuring interaural
time and level differences and the wavefront in section 3. Section 4 concludes on the possibility of integration
strategies with stable and high performance.
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2 APPLICABLE WAVE-BASED REPRODUCING METHOD
2.1 Boundary surface control
Boundary surface control (BoSC, hereafter) is a reproduction method based on the Kirchhoff–Helmholtz integral
equation[1]. Based on this equation, by matching the sound pressure and the gradient on the closed boundary
surface virtually installed in the primary sound field with the secondary field, the sound field inside the boundary
is reproduced. In an actual system, only the sound pressure is controlled using microphones arranged on the
boundary, because there is no need to measure the pressure gradients due to the uniqueness of the solution at
most frequencies[8, 9]. Therefore, the pressures at the control points on the boundary controlled by the multi-
channel inverse filter H(ω) and the loudspeakers surrounding the boundary. Moreover, Kimura[10] theoretically
shows that it can be controlled even by using an array with directional microphones.
The number of inverse filters is usually the product of the number of microphones and the number of loud-
speakers. In the case of using the above system, the 576 (= 24×24) filters are necessary, so we call it inv576
filter.

2.2 Reduced filter version of BoSC
Reducing the scale of the inverse filter[11] is also attempted. Especially when using a narrow directional mi-
crophone, few loudspeakers affect to the control point dominantly due to its directivity. Thus, the number of
filters can be reduced reasonably with less performance degradation.
There are two possible advantages to reducing the inverse filter. First, since the calculation cost is reduced, it
becomes easy to reproduce in real time. Second, since the control is performed using a dominant loudspeaker
corresponding to the microphone direction, it seems that a stable filter with high robustness can be obtained.
We have tried to reduce from 576 to 104, and it is called inv104.

2.3 Mixed-order Ambisonics
Higher-order Ambisonics is based on sound field representation by spherical harmonics expansion. The sound
field is approximately reproduced by matching the expansion coefficients of the finite order of the primary field
with the secondary field.
In the Ambisonics encoding process, the expansion coefficients are estimated from the recorded signal of the
microphone array. The directivity of the narrow directional microphone used in the Hedgehog array can be
considered as a cardioid-like pattern in the low-frequency range. Therefore, the microphone signal s(r,k) at
r(r,θ ,φ) is modeled by the following equation[12].

s(r,k) =
∞

∑
n=0

n

∑
m=−n

Bn,m(k)bn(kr)Yn,m(θ ,φ) (1)

bn(kr) = α jn(kr)− (1−α)i j′n(kr) (2)

where jn(kr) and j′n(kr) are spherical Bessel function and its derivative respectively, and Yn,m(θ ,φ) is real-
valued spherical harmonics. Bn,m(k) is expansion coefficients. α and (1−α) are the weighting factor of the
sound pressure and its radial derivative component respectively. Here, α = 0.31 based on the fitting with the
polar pattern under 500 Hz.
When there are 24 microphones, coefficients up to the 3rd order could be calculated. In practice, we used
the 3H2V-MOA configuration[13], where the components of B3,0(k) is removed, for the following two reasons.
First, the B3,0(k) component is estimated with poor accuracy, which may be attributed to the arrangement of the
microphone array. Second, on the decoding side, the loudspeaker density seems to be insufficient for full-sphere
decoding, because the loudspeaker array arrangement is a stacked-ring type. Hereafter, it is called MOA.
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Figure 2. Equivalent directivity obtained by measuring the speaker output levels while rotating the Hedgehog
array in the primary field

3 PERFORMANCE COMPARISON OF REPRODUCTION METHODS
In order to examine and compare the features of simple reproduction method and wave-based methods, the
reproduction performance of wavefront and interaural time and level difference (ITD, ILD), the robustness of
the filter, equivalent directivity of the array were measured.

3.1 Conditions
The primary field is an anechoic room, and the sound is emitted from a loudspeaker and recorded with the
Hedgehog microphone. At this time, the Hedgehog microphone is rotated at an interval of 5 degrees on the
turntable, in order to equivalently record the situation where the sound signal comes from various angles. Also,
the wavefront around the recording position was measured by the laboratory made MEMS microphone array[11],
and the reference value of ITD and ILD were measured by the dummy head.
The recording signal is processed by the four methods described above: Direct, inv576, inv104, and MOA.
At this time, all of the three wave-based processes are implemented as 4096-tap FIR filters obtained from the
IFFT of the transfer characteristic calculated for every 216 frequency samples. As the equivalent directivity of
the array, the level of the loudspeaker signal for each sound source direction of the original sound field is
obtained. Then each reproduction signal is outputted by the loudspeaker array in the semi-anechoic room, and
the wavefront and ITD, ILD were measured.

3.2 Result
3.2.1 Equivalent directivities
Figure 2 shows the equivalent directivities of one of the middle-layer loudspeaker output. The maximum value
is normalized to 0 dB.
In the case of Direct, it shows almost the directivity of the microphone itself and has a cardioid-like pattern up
to 1000 Hz, and the directivity gradually becomes narrow above 2000 Hz. inv576 has a main lobe that becomes
narrower as the frequency is higher, and basically, it is narrower than Direct. The width of the main lobe of
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inv104 is equal to that of Direct up to 250 Hz and becomes narrower above 500 Hz. Characteristically, MOA
has a main lobe of equal width regardless of the frequency up to 1000 Hz. However, at 2000 Hz or more, the
directivity pattern fluctuates greatly. This seems to be because the cardioid model (Eq. (1)) can not be applied
at 2000 Hz or higher.

3.2.2 Wavefront
Figure 3 shows the primary and reproduced wavefront of the impulse sound passed through the band-pass filter.
A visualization area is a horizontal plane of 0.72 m × 0.72 m, and the moment when the wavefront almost
reaches the center is captured.
In Direct, waves propagate from several speakers and interfere with each other. And the wave in the same
direction as the primary field becomes stronger at 2000 Hz or higher due to the directivity of the microphone
becomes narrow. In inv576, wavefronts very similar to the primary field in all of the measured bands. However,
since the theoretical spatial Nyquist frequency is about 1000 Hz to 1200 Hz, the reproduction accuracy of the
wavefront is expected to be lower in the situation where waves higher than spatial Nyquist frequency come from
the direction in which the loudspeaker is not actually placed in the secondary field, for example, 22.5 degrees.
inv104 is an intermediate similarity between Direct and inv576. In MOA, at 1000 Hz or less, a wavefront in
the central area is similar to the primary field. However, reproduction accuracy is low above 2000 Hz.

3.2.3 Interaural time and level differences
The ITD was calculated using the cross-correlation function for the left and right of the dummy head signals
passed through the 1600 Hz LPF. In the calculation of ILD, window functions of frequency dependent length
were applied to the response to remove the inevitable reflection from the floor.
Figure 4(a) shows that inv576 reproduces ITD best. In Direct and inv104, the difference becomes smaller by
about 0.1 ms for the reproduction of 90 degrees and 270 degrees. It seems that the loudspeaker output other
than the primary direction, as seen in Figure 3, makes the ITD smaller. MOA’s ITD is reproduced about 0.1
ms larger than the primary.
Figure 4(b) shows ILD. At 250 Hz, all methods generally reproduce the characteristics of the primary field, but
the MOA is slightly smaller. inv576 and MOA are relatively reproducible at 500 Hz, and inv104 performs as
well as inv576 and MOA at 1000 Hz. At 2000 Hz or higher, it is difficult to reproduce stable in all directions
regardless of which reproduction method is used. Still, at 8000 Hz, Direct, inv576, and inv104 relatively follow
the primary field.

3.2.4 White noise gain
White noise gain (WNG) is a measure for estimating the robustness of microphone array process against mi-
crophone self-noise, position error, and amplitude and phase variation. WNG represents the SNR improvement
rate for uncorrelated white noise among microphones and is calculated by the following equation[14].

WNG(k) =
|WHd|2

WHW
(3)

where W represents the transfer function of the processing filter associated with anyone loudspeaker output, and
d represents the transfer function from the sound source to the microphone array. A positive WNG represents
an improvement in SNR.
Figure 5 shows the WNG of the front loudspeaker output in the case where the sound source of the primary
field is also in the front direction. In Direct, since the speaker output is the corresponding microphone signal
itself, so the output SNR is equal to the microphone SNR, and the WNG becomes 0 dB. In inv576, WNG does
not decrease significantly below 1000 Hz, but the value fluctuates above 1000 Hz. Also, the WNG drops at
150 Hz, due to the inverse filter was high gain, since the direct sound and floor reflections of the middle layer
speaker output weaken at the listening position at this frequency. On the other hand, inv104’s WNG is higher
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Figure 5. Measured white noise gain for the front loudspeaker signal in the case where the sound source of the
primary field is also in the front direction. A positive WNG indicates an improvement in SNR.
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than inv576 from 100 Hz to 1500 Hz, and the notch at 150 Hz is suppressed. MOA’s WNG is very low at less
than 1000 Hz. Above those frequencies, there is less concern for SNR degradation than inv576 or inv104.

4 CONCLUDING REMARKS
Attempts have been made to improve the overall performance of sound field reproduction systems, where we
focus not only on A) physical accuracy but also on B) robustness against disturbances, C) flexibility for ad-
ditional direction, and D) capability of integration with visual media. As a platform of examination, a system
using the narrow directional microphone array has been built, and a simple reproduction method called Di-
rect is basically adopted. The performance of the Direct method directly is affected by the directivity of the
microphone. Therefore, the wave-based method was applied and the reproduction performance was evaluated.
inv576 has a high reproducibility of wavefront and ITD. In particular, in the band below 1.6 kHz, where ITD is
an important cue for sound image perception in the horizontal direction, and stable reduction can be expected
without significant WNG drop. inv104 is an intermediate performance between Direct and inv576 and should be
used when a low computation is required. MOA was good accuracy on wavefront and ILD below 1 kHz, but
WNG decreased. We want to make a stable filter, such as using only low orders ambisonics in this frequency
range, and evaluate it again.
The issue is that it is difficult to obtain high ILD accuracy in the 2 kHz to 4 kHz band. Although the perfor-
mance of the ILD is said to be important above 1.6 kHz, Direct can reproduce ILD with high accuracy only at
8 kHz or higher. As a technical solution, it is considered to use a microphone with narrow directivity from the
lower frequency range, or to enhance the high-frequency performance of the wave-based method with a higher
density loudspeaker and microphone array. In the actual listening situation, the impact of this problem will
differ depending on the playback content, and it is also necessary to examine in detail by subjective evaluation.
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Abstract
In order to achieve accurate acoustic simulations of a room for obtaining an authentic auralization, the following
aspects need to be quantified: the geometrical details of the room, all material properties and the characteristics
of the source and the receiver. This paper presents the design of a benchmark room for this purpose, including
all this information. The room is a building acoustics transmission chamber with thick concrete walls. This room
was then acoustically treated to achieve an acoustic environment close to a day-to-day office room. The surface
impedances of the materials additionally installed in the room were measured with both in the impedance tube as well
as with a pressure-velocity sensor. Furthermore, the directivity of the measurement source and the binaural receiver
were measured in order to be included in the simulations. Impulse responses of this benchmark room have also
been obtained from simulations with the in-house time-domain discontinuous Galerkin method (DG) with frequency-
dependent boundary conditions, including source and receiver directivity. Time and frequency domain results from
the both the measurements and simulations are presented, showing a close agreement.

Keywords: Auralization, Room acoustics, Acoustic modeling, Discontinuous-Galerkin

1 INTRODUCTION
Auralization can be a valuable tool for architectural acoustics as it provides more information regarding the
acoustics of an indoor space compared to standardized room acoustic parameters such as RT60, C80 and STI
(1, 2). With auralization, all the sound sources present in the environment can be simulated, and it can be used
to characterize the space with psychoacoustic metrics. Also, auralization can be a great communication tool (2).

Even though the concepts of auralization and acoustic modeling have been introduced over 6 decades ago
(3), there are still many open questions. One of the key unanswered questions is how close the results of
a computer simulation can get to a real-life acoustic environment. This question does not only relate to the
acoustic modeling method itself but also to the input parameters in the model, such as the acoustic properties
of the materials within the modeled space and the characteristics of source and receiver.

Room acoustic modeling has been achieved with various methods. These methods can be split into three
categories: geometrical acoustics methods, energy-based methods, and wave-based methods.

Wave-based methods are techniques used to solve the governing partial differential equation(s) with numerical
approximations. Wave-based methods are physically accurate and inherently include complex wave-phenomena
such as diffraction (also modeled with high accuracy) (4). This is the main advantage of the wave-based meth-
ods compared to the geometrical acoustics methods. Among the wave-based methods are FDTD (5), the bound-
ary element method (BEM) (6), the finite element method (FEM) (7), the digital waveguide mesh (DWM) (8),
the finite-volume method (9) and the discontinuous Galerkin (DG) method (10). The main disadvantage of
these methods is that they are computationally expensive. When the high frequency limit of the simulation is
increased, the discretization step in space (and time) needs to be decreased, which results in an increase of the
computational load. Therefore, they become impractical at high frequencies (11).

In order evaluate the quality of a room acoustic simulation model all the geometrical details of the room,
furniture, material properties as well as the source and receiver characteristics need to be known in order to
incorporate them inside the modeling method and compare the results against the measurements of that room.
This is very difficult to do in an existing room because of the following reasons: 1) it is difficult to quantify the
acoustics properties of the materials in-situ, 2) the room might include materials that are very difficult to include
in the acoustic simulations. Therefore, the design a of benchmark room, with a relatively simple yet realistic
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geometry that will be treated with acoustic materials that can be accurately quantified, is of high importance.
There are a number of papers that focused on the design and measurement of a reference/benchmark room

together with material measurements in order to evaluate different modeling approaches by comparing them to
the reference measurements such as (12, 13) and some of them also in the context of auralization (14). More-
over, some interesting review papers on this subject have appeared (1, 4, 15). The main outcomes are: 1) the
input material data is very important, 2) the geometrical methods fail to produce IRs equivalent to the measured
ones especially at low frequencies because they cannot model diffraction and modal interferences, 3) the low
frequencies can be modeled accurately using a wave-based method but due the fact that they become computa-
tionally expensive at high frequencies they can only be used for a limited frequency range. Hybrid approaches
that use wave-based method for low frequencies and geometrical acoustics method for high frequencies have
been developed but there is no standardized methodology yet on how to do this (11). Also, there are still open
questions such as where the cross-fade frequency between the wave-based and the geometrical acoustics method
should be.

The main objective of the research presented in this paper is to obtain measurements from a benchmark
room for auralization purposes and compare them with results from a high-frequency wave-based simulation
method. In the work presented in this paper the wave-based method is applied to a higher frequency range (2.5
kHz) than in previous works. Moreover, in this research a benchmark room was designed and all the material
properties were measured both in the impedance tube and with the pressure-velocity (PU) sensor. In previous
works (12–14) reserachers made use of real-rooms, thus, they could not extract the acoustics properties from all
the room’s materials.

The reason that a wave-based method was used for the acoustic modeling is because such an accurate method
may answer how close the results of a computer simulation can get to a real-life acoustic environment. There-
fore, it was decided to run a DG simulation up to approximately 2.5 kHz and compare the results against the
measured IRs. DG is used because it is able to handle complex geometries by discretizing the room volume
by non-overlapping mesh elements, and it allows to model time-domain frequency dependent boundary condi-
tions (16).

This paper starts by presenting the design of the benchmark room. Next, the impulse responses (IR) and the
binaural room impulse responses (BRIRs) measurements inside that room are demonstrated. Finally, the results
from the DG simulations are presented against the measurements.

2 DESIGN OF THE BENCHMARK ROOM
The empty building acoustics transmission chamber in the Echo building at Eindhoven University of Technology,
which has a geometry that can easily be meshed for a solution by the DG method, was chosen to be modified
as the benchmark room. The reverberation time of the empty building acoustics transmission chamber is very
high, ranging from 7.6 s down to 2.7 s between 125 Hz - 4000 Hz. At even lower frequencies, the reverberation
time is exceeding the 10 s. The reverberation time is rather homogeneous for different source-receiver (S-R)
configurations withing the room from the 1000 Hz band and up, but is not at lower octave-bands due to the
influence of the room modes at low frequencies.

This empty room was acoustically treated to achieve two room acoustic scenarios. The goal of Scenario 1
was to achieve the acoustics of a typical office room, with a reverberation time in the range of 0.5 s to 0.8 s
over the 125 - 4000 Hz octave-bands. Scenario 2 was designed as an office room with "bad acoustics". While
the reverberation time of Scenario 2 should not be as extreme as the one of the empty reference room, it was
designed to be significantly longer (in the range of 1.0 s to 1.3 s over the 125 - 4000 Hz octave-bands) to
reduce the speech intelligibility within the room.

The furniture and the materials that were placed inside the empty room had geometries that could be easily
incorporated in the DG mesh. Two type of absorbing materials were chosen for the acoustic treatment of the
room: porous materials for the wall panels and carpet tiles to cover the ground surface (see (17) for more
information regarding the material properties). These materials were chosen because they act as locally reacting
surfaces, which is important for their accurate modeling in the numerical simulations in DG. The furniture was
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placed to create some scattering in order to break down some room modes.
The geometry of Scenario 1 is shown in Figure 1. The uncertainty of the measured distances is estimated

to be smaller than 5 cm. The orientation of the objects (chairs, tables, lockers) was also marked on the floor
using gaffer tape. Finally, the locations and geometries of the objects were reconstructed in SketchUp models.
The origin of the coordinate system in the SketchUp models is the left bottom corner (see Figure 1). Scenario
2 was set-up by removing several elements which were present in the room for Scenario 1. The floor was left
with 11 m2 carpet tiles and the walls were left with 6 absorbing panels. The furniture in the room was also
reduced to 3 chairs and 2 tables. The ceiling remained untreated in both scenarios.

Figure 1. Top view of Scenario 1 including the source and receiver positions.

3 IR, BRIR, SOURCE DIRECTIVITY, HRTF, AND MATERIAL PROPERTIES MEA-
SUREMENTS

For each of the two room acoustic scenarios, measurements were performed with two different sound sources
using the B&K TYPE 4295 omnisource. The HATS was mounted on the turntable and its location was kept the
same at all measurements. The BRIRs were captured with a full rotation (360◦) in the horizontal plane with 5◦

angular resolution, and for 2 different source-receiver configurations with distances of 1.50 m and 3.50 m (see
Figure 1). The omnisource’s top opening was positioned at ear height facing the ceiling.

The measurements were carried out during evening and night time, in order to avoid noise disturbances from
the nearby offices. The temperature in the room during the measurements was very stable (T = 21.6±0.3 ◦C),
and varied slightly from one day to another. The following measurement equipment was used: B&K 4128-
C HATS, B&K 1/2-inch free-field microphone 4189, Dell latitude E5530 laptop with Windows 10, Acoustics
Engineering-Amphion power amplifier and Acoustics Engineering-Triton +10 dB gain sound card. The measure-
ment were conducted using the Acoustics Engineering-Dirac 6 acoustics measurement software. An exponential
sine-sweep of 175 s long was used as a measurement signal to achieve high signal-to-noise ratio.

The impulse-to-noise ratios (INRs)1 obtained from the measured BRIRs were within the range of 75 - 93
dB for the octave-bands 63 - 8000 Hz (see Figures 2), implying a very high quality of the measurements. An
initial analysis showed that the reverberation times at low frequencies (below 125 Hz) were very high. It was
not possible to reduce the low-frequency reverberation times below 1 - 1.5 s (see Table 1), which was one of
the design goals. Attempts for further room treatment were made, which achieved a significant reverberation
time reduction at low frequencies. However, these treatments included objects that would be very difficult to
model in the numerical simulations, as they act as non-locally reacting surfaces. Thus, it was decided not to

1INR is equal to the maximum root-mean-square (RMS) level of the room impulse response (in dB) minus the noise level (in dB) (18).
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not add any extra objects in room other than the ones shown in Figure 1.
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Figure 2. INR of right ear BRIRs Scenario 1 measured at 0◦ for S-R distance 1.5 m (triangles) and 3.5 m
(circles).

The HRTFs of the B&K 4128-C HATS and the directivity of the B&K TYPE 4295 omnisource where mea-
sured inside a semi-ancechoic chamber. The surface impedances of the carpet tiles and the sound absorbing
panels where measured both with the impedance tube and the pressure-velocity (PU) probe. More details re-
garding the impedance measurements can be found in (17).

4 DG SIMULATIONS AND COMPARISON AGAINST THE MEASUREMENTS
4.1 DG simulations
The measured IRs and BRIRs were computed with the in-house DG MATLAB code, which is described in de-
tail in (10). Because of the large unevenness of the reverberation times between the low and high octave-bands
(see Figure 1), it was decided to run two sets of computations, a 12 s long calculation for the low frequency
range ("LF", up to 500 Hz) and a shorter one of 0.6 s long for the more computationally expensive mid-to-high
frequency range ("HF", from 500 Hz to 2.5 kHz) respectively and then combine them (see Subsection 4.4).

The meshes of the various scenarios were created from the Sketchup models of the geometry via the software
Gmsh. For the two sets of simulations, the characteristic length Lc, was set to the half of the wavelength
corresponding to the maximum simulated frequency fmax (Lc = c/(2 fmax), where c is the speed of sound). For
the LF simulations fmax was set at 500 Hz and for the HF at 2500 Hz. In order to ensure accurate results up
to these frequencies, a polynomial order N = 4 was used in the DG simulations to obtain more than 10 degrees
of freedom per wavelength. Unfortunately, the post-analysis showed that the size of the elements of the DG
mesh for the HF simulations was not small enough to simulate the initial Gaussian distribution properly, which
gave directional characteristics in the initial condition. Therefore, the pressure from the initial condition was not
distributed equally in each direction causing directivity fluctuations <6 dB.

4.2 Boundary conditions
The frequency dependent time-domain boundary conditions (TDBCs) used in the simulation are the ones derived
in (17) for the carpet and the porous panel. They were applied to the relevant surfaces via the physical surfaces
definition tool in the Gmsh software. The hard walls of the room were assumed to behave as frequency-
independent reflective surfaces with a real reflection coefficient. This acoustic reflection factor was set to R =
0.991, in accordance with a previous measurement of the empty room described in Section IV.D in (10), where
this reflection coefficient was derived from the quality factor of the strong modal resonance at 97.9 Hz.

4.3 Source and receivers
The source directivity of the measurement source was not incorporated in the simulations due to an issue
with the measured directivity data and was left for future work. The simulated source was an omnidirectional
Gaussian pulse, with a different source width for low and high frequency simulations. In order to reproduce the
auralization binaurally via headphones allowing for head rotations, binaural responses need to be rendered from
the DG simulations. This was implemented by storing the sound field over a dual spherical array of receiver
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locations, placed in the simulation domain. The receiver points consisted of two concentric spheres, an inner
sphere and and outer sphere, following the approach presented in (19). Next, spherical harmonics were applied
together with the database of measured HRIRs from the HATS used in the measurements, to post-process the
data to HRIRs for the same set of head rotations as used in the measurements.

4.4 IRs and BRIRs post-processing and combination of low and high frequency IRs and BRIRs
The calculations of the modeled IRs and BRIRs include the spectral characteristics of the initial condition,
which is a Gaussian distribution. A correction (equalization) filter was designed to correct for the Gaussian
spectrum based on the method presented in (20). Since two separate simulations were conducted, one for the
low and one for the high frequencies, two inverse filters had to be designed using the free-field time responses
of the low and high frequency Gaussian initial conditions.

The method developed in Section 4.3 in (11) was used to combine the low and high frequency IRs and
BRIRs. The only difference with (11) is that the combination was made in the time-domain and not in the
frequency-domain. The method is demonstrated in Figure 3. First, the cross-fade frequency between the low
and the high frequency simulations needs to be decided based on the limit of the low-frequency simulations. In
all the simulations presented in this report the cross-fade frequency was 500 Hz because the reverberation tails
from this octave-band and above were included in the high frequency simulations, which were much shorter in
duration compared to the low-frequency ones (see Section 4.1). Next, the low and the high frequency simu-
lations were filtered with a 9th order zero-phase low-pass and high-pass filter respectively and the outputs are
summed together. The filters were designed using the butteworth.m function in Matlab and the zero-phase filter-
ing was performed using the filtfilt.m function. The reason for performing zero-phase filtering and not normal
filtering is that the normal Butterworth filters cause a frequency-dependent delay and in order to avoid this
zero-phase filtering was applied. However, (11) states that the frequency-dependent delay does not add any au-
dible artefacts in the IRs. Finally, a 8th order (normal) Butterworth low-pass filter was applied to the combined
output with a cut-off frequency that depends on the accuracy limit of the high-frequency simulations, which for
the simulations presented here is estimated to be around 2.1 kHz.

LF corrected IR or BRIR
resampled at 44.1 kHz

Zero-phase Low-pass filter Zero-phase High-pass filter

LF corrected IR or BRIR
resampled at 44.1 kHz

Cut-off = 500 Hz

Combined IR or BRIR

Low-pass filtered LF IR High-pass filtered HF IR

Low-pass filter

Cut-off = 2100 Hz

Figure 3. Flow chart of the combination of the low frequency (LF) and high frequency (HF) IRs.
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4.5 Measurement versus Simulations
In Figure 4 the measured IR of Scenario 1 for S-R distance 1.50 m is plotted against the simulated IR. The
matching at low frequencies is very good except from a big deep in the frequency response present in the
measured IR at approximately 53 Hz. At high frequencies the errors are larger because: 1) the issue with the
large element size in the high frequency simulations, which is discussed in Section 4.1, 2) the directivity of
the B&K TYPE 4295 omnisource, which is not a perfect omnidirectional source above the 1 kHz octave-band,
was not included in the simulations. Regarding the IRs (time response), the matching is good but they are not
identical. The biggest difference is in the direct sound component.

In Table 1, the measured and simulated T20s of Scenario 1 and 2 are plotted. In Scenario 1 the matching
is very good at 500 Hz and at 1000 Hz octave-bands and in Scenario 2 the matching is very good between
250 - 1000 Hz octave-bands. At low frequencies the mismatch is very large in both scenarios. This mismatch
is possibly caused by an inaccuracy of the TDBCs at low frequencies, especially below 100 Hz, where reliable
measurements of the materials’ properties could not be performed. The reflective nature of the materials in this
frequency range is potentially aggravating further the relative error in the measured absorption coefficients.
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Figure 4. Time (top) and frequency (bottom) response of the measured (grey) vs the simulated (black) IR of
room Scenario 1 for S-R distance 1.50 m. Only the 0.5 s of the time responses are shown here, however, the
frequency responses are computed using the full 12 s of time signals.

Table 1. Measured vs simulated T20s in Scenario 1 (S1) and Scenario 2 (S2).

Octave-bands (Hz) 63 125 250 500 1000 2000
Measured T20 in S1 (s) 5.98 1.58 0.67 0.47 0.47 0.49
Simulated T20 in S1 (s) 3.45 2.11 0.98 0.55 0.51 0.38
Measured T20 in S2 (s) 8.80 3.71 1.68 0.86 0.76 0.87
Simulated T20 in S2 (s) 4.02 2.84 1.64 0.93 0.73 0.56

In Figure 5 the right ear simulated BRIR of room Scenario 2 at 0◦ for S-R distance 3.50 m is plotted
against the measurement. The results show a similar degree of accuracy at high frequencies as the IR presented
in Figure 4. However, there is a bigger error at low frequencies because the HRTFs used in the spherical
harmonic approach to obtain the computed BRIRs are plane wave functions (see Subsection 4.3) and for nearby
sources this introduces some low frequency errors.
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Figure 5. Time (top) and frequency (bottom) response of the measured (grey) vs the simulated (black) right ear
BRIR of room scenario 2 for S-R distance 3.50 m and at 0◦. Only the 0.5 s of the time responses are shown
here, however, the frequency responses are computed using the full 12 s of time signals.

5 CONCLUSIONS AND FUTURE WORK
This paper presented the measurements in a benchmark room designed for auralization purposes, and includes
results from the room acoustics simulations using the wave-based DG method. All details from the the mea-
surement room were captured as input data for simulation methods. The results showed a good match between
the measurements and the simulations. However, refinement of both the input (proper source directivity data) as
simulations (improving the modelled source function in DG, using source directivity, using higher order spheri-
cal harmonics for post-processing the BRIRs) is foreseen to further improve the benchmark room dataset as well
as the wave-based results. Moreover, apart from the objective comparisons, subjective evaluations also need to
be conducted in order to investigate how much the measurements and the simulations differ from the perceptual
point of view.
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Abstract
Binaural Room Impulse Responses (BRIRs) are typically used for binaural auralizations, as they carry both
room acoustic information as well as acoustical properties of the individual listener. In a dynamic reproduction
scenario, i.e. with head movements of the listener taken into account, BRIRs need to be measured for a large
number of listener head orientations, which can be very time-consuming. In this study, a planar microphone
array with 24 microphones, referred to as Virtual Artificial Head (VAH) was used to measure Room Impulse
Responses (RIRs) for a single listener position for different source positions in a lecture room. VAH filter
coefficients for different head orientations were calculated and applied to the measured RIRs. The VAH filter
coefficients were calculated by solving a constrained optimization problem, i.e. by minimizing a narrow-band
least-squares cost function subject to constraints on spectral magnitude error and the mean White Noise Gain.
The quality of the synthesized individual BRIRs was evaluated in a subjective listening test based on a dynamic
binaural scenario. The results showed that a typical reverberant room can be dynamically auralized with the
VAH for speech signals with perceptually convincing agreement to real loudspeaker presentation in the room.

Keywords: Binaural Room Impulse Response (BRIR), Virtual Artificial Head (VAH), dynamic binaural
synthesis

1 INTRODUCTION
The signals arriving at the two ears include important cues on sound reflection and diffraction caused by the

listener’s head, torso and external ear. These cues, which can be captured by Head-Related Transfer Functions

(HRTFs), are crucial for a spatial perception of the surrounding acoustic world. The binaural technology com-

monly makes use of the so-called artificial heads, copies of the average human head and torso with microphones

in the ear canals, to capture the spatial properties of the sound in a recorded signal. HRTFs or their equivalence

in the time domain referred to as Head Related Impulse Responses (HRIRs) are known to be individual and

should preferably be determined individually. Therefore, the non-individual anthropometric geometries of these

artificial heads can lead to perceptible deficiencies. In another application of the binaural technology, a given

room can be auralized binaurally by convolving an anechoic signal with Binaural Room Impulse Responses

(BRIRs). BRIRs combine the information contained in HRIRs with the acoustical information of the room (e.g.

lateral reflections and reverberation). With binaural auralization, naturally sounding representations of different

rooms can be created, which establish an appropriate tool for the investigation and comparison of different

acoustical environments. Furthermore, including head movements during binaural signal playback with head-

phones improves the localization accuracy [1], helps to promote externalization [2] and plays an important role

in preserving the plausibility [3] and authenticity [4] of the virtual acoustic environment. In a dynamic binaural

synthesis, the listener’s head movements are tracked in real-time to choose the BRIR corresponding to the cur-

rent head orientation to be convolved with the signal. This means, however, that in order to auralize different

reverberant environments dynamically, the BRIRs should be measured for different head orientations in each

environment, which is very time consuming, especially if the BRIRs are supposed to be measured individually.
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Figure 1. Virtual Artificial Head (VAH) used in this study: planar microphone array with 24 microphones [5]

As an alternative, the Virtual Artificial Head (VAH) can be employed which has been shown to capture spatial

audio signals for headphone representations in a perceptually convincing manner [5]. The VAH consists of a

microphone array with N spatially distributed microphones with digital filters for each microphone, forming a

filter-and-sum beamformer. The same recording made with the VAH can be individualized post-hoc by mimick-

ing the directivity pattern of the individual HRTFs. This is done by applying the individually calculated filter

coefficients as complex-valued weighting factors to the signals of the N microphones. The major advantage of

the VAH is that the filter coefficients can be calculated for different head orientations. This allows for head

tracking during signal playback without the need for changing the VAH’s orientation during the recording. The

VAH technology for a measured and simulated room was evaluated in listening tests and found to be percep-

tually convincing for dynamic binaural auralizations in [6], using simulated steering vectors. In the present

study, real measurements were accomplished with the VAH in the same room as in [6] to assess the extent

to which BRIRs synthesized with the VAH can be used for dynamic binaural room auralizations. The results

were perceptually evaluated in a listening test with comparisons to real loudspeaker presentations in a typical

classroom.

2 FILTER COEFFICIENTS FOR THE VIRTUAL ARTIFICIAL HEAD (VAH)
2.1 Calculation of VAH filter coefficients in a constrained optimization problem
The directivity pattern H( f ,θ) of VAH at frequency f and direction θ is defined as

H( f ,θ) = wH( f )d( f ,θ), (1)

with the N ×1 steering vector d, defined as the free-field acoustical transfer function between the source at any

given direction θ and the N microphones. The N × 1 complex-valued vector w( f ) of Filter Coefficients (FCs)

consists of the weighting factors for the N microphone signals. In order to synthesize the desired directivity

pattern D( f ,θk) of individual left and right HRTFs at a total of P discrete directions θk, k = 1,2, ...,P, FCs can

be calculated by minimizing a narrow-band least-squares cost function JLS, defined as

JLS(w( f )) =
P

∑
k=1

|H( f ,θk)−D( f ,θk)|2. (2)

In order to achieve small synthesis spectral deviations at all P directions, the minimization of JLS was performed

subject to constraints imposed to the resulting Spectral Distortion (SD) at each of the directions θk, by setting

an upper and a lower limit, LU p and LLow, i.e. for all k

LLow ≤ SD( f ,θk) = 10lg
|wH( f )d( f ,θk)|2

|D( f ,θk)|2 dB ≤ LUp. (3)

In addition, in order to guarantee the robustness of VAH against microphone self-noise or deviations in micro-

phone characteristics and positions, a minimum desired value β was set for the resulting mean White Noise
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Figure 2. Resulting Spectral Distortion (SD) for synthesizing left HRTFs at 0◦ and 15◦ elevations as well as

resulting left WNGm, using FCs calculated with: (a) P = 72 horizontal directions and β = 0 dB, (b) P = 3 ×
72 = 216 directions from elevations −15◦, 0◦ and 15◦ and β = 0 dB.

Gain, WNGm, which is defined as the ratio between mean output power of the microphone array over all P
directions and the output power of the spatially uncorrelated white noise [7], i.e.

WNGm = 10lg(
1

P

P

∑
k=1

|wH( f )d( f ,θk)|2
wH( f )w( f )

)dB ≥ β . (4)

For solving the constrained optimization problem of minimizing JLS subject to constraints defined in Eqs. 3 and

4, an iterative Interior-Point optimization algorithm was used. The solutions proposed in [7] were used as the

initial values.

2.2 Constraints and parameters for the calculation of the VAH filter coefficients
According to Eqs. 2-4, the performance of the VAH with respect to meeting the constraints depends on a variety

of parameters such as constraint parameters LU p, LLow and β , the microphone array topology and the number

P of discrete directions included in the calculation of the FCs. Applying different constraint parameters to two

simulated microphone arrays of different topologies, it was shown in [8] that with properly chosen constraint

parameters and array topology, the VAH can perceptually outperform a traditional artificial head for sources in

the horizontal plane for musical content with respect to overall audio quality. However, since the microphone

arrays were simulated and considered as perfectly robust and noise-free, the effect of different values of resulting

WNGm could not be assessed in [8]. In addition, the results were evaluated only for free-field conditions. In

contrast, in the current study the planar microphone array with 24 microphones shown in Figure 1 was used

for measurements in a reverberant room. The two constraint parameters LLow and LU p were chosen as −1.5 dB

and 0.5 dB, respectively, leading to a maximum deviation of 2 dB in the resulting Interaural Level Differences

at all P directions, as was done earlier in [8].

The values chosen for the two other parameters, i.e. β and P, impacted the extent to which the resulting

SD would remain between the two desired limits of −1.5 dB and 0.5 dB. For example, Figure 2a shows the

resulting SD and WNGm for synthesizing left HRTFs with FCs calculated with β = 0 dB and P = 72 directions

in the horizontal plane (5◦ azimuthal resolution). A minimum value of 0 dB for the resulting WNGm and −1.5

dB ≤ SD ≤ 0.5 dB at P=72 directions in the horizontal plane could be satisfied well up to 6 kHz. However,

for non-horizontal directions such as at 15◦ elevation the resulting SD increased clearly. On the other hand,
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including P = 216 directions (3×72) from elevations −15◦, 0◦ and 15◦ improved the resulting SD at elevation

15◦, but deteriorated at the same time the resulting WNGm and the SD at horizontal directions, as shown in

Figure 2b. If more elevations were included in the calculation of the VAH FCs, the resulting SD and WNGm

would deteriorate even more for horizontal directions. Thus, the question arises, whether it is preferable to

target at high accuracy and robustness in the horizontal plane while ignoring non-horizontal directions or to

target moderate accuracy and robustness which are then more evenly distributed over all elevations. For this

study, three cases for P in combination with two cases for β , as listed in Table 1, were considered, resulting in

a total of six sets of FCs.

In order to enable a dynamic binaural presentation, each of the six sets of FCs were calculated for 37×5 = 185

head orientations (azimuth angles −90◦ to +90◦ in 5◦ steps and elevations −15◦ to +15◦ in 7.5◦ steps). For

a given head orientation θh, h ∈ 1,2, ...,P, FCs were calculated by taking the D( f ,θk), k = 1,2, ...,P, and the

shifted steering vectors d( f ,θk′) with k′ = h,h+1, ...,P,1,2, ...h−1 into Eqs.(1) to (4).

Table 1. Overview of values chosen for the parameters P and β .

P = 1 × 72 (Elevation: 0◦) labeled as El0 β = 0 dB

labeled as

P = 3 × 72 = 216 (Elevations: −15◦, 0◦, 15◦) labeled as El0±15 βββ 0
β = -10 dB

P = 3 × 72 = 216 (Elevations: −30◦, 0◦, 30◦) labeled as El0±30 labeled as

βββ−10

3 METHODS
3.1 Measurement room
The room chosen for this study, which was the same as in [6], was a lecture room (7.12m ×11.94m × 2.98m)

with an average reverberation time of 0.58 s. A listener position was selected with ears at 1.30m height from the

floor, as shown in Figure 3a. The figure also shows the four source positions that were considered in the room:

Source 1 (Genelec type 8030c) was located ahead of the listener slightly higher than the ears, representing a

lecturer standing in front. Source 2 and Source 3 (Genelec type 8030b) were located left and behind the listener

at the right side, respectively, both at the same height as the ears. Source 4 (Event active studio monitor 20/20

bas V3) was mounted in front of the room on the right and at an elevation of about 20◦.

3.2 BRIR acquisition
In the next step, the VAH was placed at the listener position and the Room Impulse Responses (RIRs) for all

four source positions were captured for each of the 24 microphones of the VAH (Figure 3 b). These RIRs were

then filtered with the previously mentioned six sets of FCs, resulting in six versions of individually synthesized

BRIRs, referred to as VAH BRIRs. BRIRs were also measured with the KEMAR artificial head as well as

with a head-sized rigid sphere (radius = 8.5 cm) with two microphones positioned at ±100◦ on the equator,

referred to as KEMAR BRIRs and Sphere BRIRs, respectively (see Figure 3 c-d). In order to enable dynamic

binaural representations, the KEMAR- and Sphere BRIRs had to be measured 37 times for 37 orientations of the

artificial head and the rigid sphere (azimuthal head orientations -90◦ to 90◦, in 5◦ steps). Note that KEMAR’s

head was rotated relative to the shoulders which kept a constant orientation. All RIRs were measured with a

sampling rate of fs = 44100 Hz, using the Multiple Exponential Sweep Method (MESM) [9] with sweeps of

20 s duration, ranging from 20 Hz to fs/2 with 4 s shift between subsequent excitations.
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Figure 3. (a) Listener position and the four source positions in the lecture room (Az: azimuth, El: elevation, R:

distance to listener. (b) VAH, (c) Kemar artificial head, and (d) rigid sphere at listener position in the room.

3.3 LISTENING TEST
To assess the perceptual quality of the six VAH BRIRs as well as the KEMAR- and Sphere BRIRs, a listening

test with dynamic binaural synthesis was performed. A total of 9 normal-hearing subjects (three female, six

male) took part in the test. For all of them, individually measured HRTFs and Head Phone Transfer Func-

tions (HPTFs) as well as six sets of individually calculated FCs were available. The headphone (Sennheiser

HD800) was equipped with a head tracker attached to the top bow as well as a push button to switch back

and forth from headphone to loudspeaker presentation, as implemented in [6]. The listening test took place in

the same room as the measurement room. Subjects sat at the listener position during the test and were asked

to rate different headphone presentations, generated either with VAH BRIRs or KEMAR- and Sphere BRIRs,

in comparison to the presentation via loudspeakers in the room (the reference condition). The subjects were

not informed about the specific BRIR synthesis condition that was presented. The stimulus was a dry recorded

speech utterance of 15 s duration, spoken by a female speaker, which was convolved with the different BRIRs

as well as the inverse HPTFs prior to presentation via headphones. The evaluation was performed with respect

to five separate attributes: Reverberance, Source Width, Source Distance, Source Direction and Overall Qual-

ity. Subjects gave their ratings on a 9-point scale covering five German labels schlecht (bad), dürftig (poor),

ordentlich (fair), gut (good) and ausgezeichnet (excellent) with four equidistant intermediate scale points. Each

source direction appeared three times in the test in a randomized order and subjects were allowed and encour-

aged to switch freely between all of the different headphone signals and/or between loudspeaker and headphone

presentations.

4 RESULTS AND DISCUSSION
The perceptual ratings of all subjects for different perceptual attributes and source positions regarding different

BRIRs are shown in Figure 4. Almost for all perceptual attributes and source positions the VAH BRIRs with

El0/β0 and the KEMAR and Sphere BRIRs were rated similarly high, with median ratings between good and
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Figure 4. Results of perceptual evaluations of 9 subjects (averaged over three repetitions) with respect to five
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excellent. The two exceptions were the ratings given to Sphere BRIRs with respect to Reverberance, and the

ratings given to VAH BRIRs with El0/β0 with respect to Source Width, both for the signal corresponding to

Source 1. In comparison, generally lower ratings were given everywhere to VAH BRIRs with more directions

included in the calculation of FCs, i.e. El0±15 and El0±30, regardless of β . This is in accordance with

the poorer synthesis accuracy in the horizontal plane, as already discussed as an example in Figure 2, and

indicates that accuracy and robustness for directions in the horizontal plane are more important than for non-

horizontal directions in a classroom scenario, eventhough not all sources were in the horizontal plane. VAH

BRIRs with El0/β−10 were in general rated lower than VAH BRIRs with El0/β0. Since for the calculation

of FCs for El0/β−10 the constraint imposed to the resulting WNGm was relaxed to allowable values down to

−10 dB, the sensitivity of the VAH to deviations in microphone characteristics increased for VAH BRIRs with

β−10. Regarding the time lapse of about four months between the measurement of the steering vectors for the

calculation of FCs and the recordings performed in the room, it seems likely that small unavoidable deviations

in microphone positions and/or sensitivities during this time period might have led to audible synthesis artifacts

in the VAH BRIRs with El0/β−10. As a result, it is advisable to choose higher values for β .

Despite the different geometries of the Kemar artificial head and the rigid sphere compared to anthropometric

geometries of individual subjects, high ratings were given almost in every case to the KEMAR- and Sphere

BRIRs. We suspect that this is due to the presence of reflections in the reverberant room which improved the

externalization and helped mask the deficiencies related to non-individual BRIRs (see for example [4]). Another

important aspect was that the listening test took place in the original room and hence, all other cues including

visual ones were perfectly available. This made it for example less likely that visual cues that are inconsistent

with auditory cues lead to in-head-localization or front-back confusions. Nevertheless, the ratings given to

VAH BRIRs with El0/β0 were similarly as good as ratings on KEMAR- and Sphere BRIRs. Applying the

Friedman test with post-hoc multiple comparisons revealed in some cases significantly better (p<0.05) ratings

given to KEMAR- and Sphere BRIRs compared to some of the other VAH BRIRs, but there were no significant

differences between ratings given to VAH BRIRs with El0/β0 and KEMAR- and Sphere BRIRs for any of the

perceptual attributes or source positions. Regarding the impractical effort taken to measure the KEMAR- and

Sphere BRIRs for many different head orientations, and considering the comparable perceptual results given

to VAH BRIRs with El0/β0, the VAH technology seems to offer the more promising alternative for dynamic

binaural auralizations of commonly used acoustical environments (lecture room) with realistic signals (speech).

5 SUMMARY AND CONCLUSION
In this study, individual binaural room impulse responses (BRIRs) in a lecture room were synthesized for 185

head orientations with the virtual artificial head (VAH). The synthesized BRIRs of different head orientations

were used to auralize the room dynamically. The quality of the synthesized BRIRs was evaluated regarding

different perceptual attributes in a listening test in comparison to the real loudspeaker playback in the room.

The results showed that it is possible to auralize a typical reverberant room dynamically with the VAH for

speech signals, with perceptually high agreement to the real loudspeaker signal. The accuracy and robustness

for directions in the horizontal plane is very important for sources in and near the horizontal plane. The

results showed also that the need for BRIR individualization might not be crucial in a reverberant room. It

should be noted, that this outcome relates only to the case of dynamic binaural representation. To which extent

the effect of head tracking had an influence on the evaluations should be addressed in a separate experiment.

Nevertheless, the major advantage of the VAH with respect to the possibility of applying head tracking could

be demonstrated in this study. Further investigations should concern the performance of the VAH in other

acoustical environments, for other source positions and using other signals such as music or broadband noise,

alongside the enhancement of the VAH with respect to the microphone array topology.
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Abstract
This paper presents the details related to the creation of a public database of anechoic audio and 3D-video
recordings of several small music ensemble performances. Musical extracts range from baroque to jazz music.
This work aims at extending the already available public databases of anechoic stimuli, providing the com-
munity with flexible audio-visual content for virtual acoustic simulations. For each piece of music, musicians
were first close-mic recorded together to provide an audio performance reference. This recording was fol-
lowed by individual instrument retake recordings, while listening to the reference recording, to achieve the best
audio separation between instruments. In parallel, 3D-video content was recorded for each musician, employ-
ing a multiple Kinect 2 RGB-Depth sensors system, allowing for the generation and easy manipulation of 3D
point-clouds. Details of the choice of musical pieces, recording procedure, and technical details on the system
architecture including post-processing treatments to render the stimuli in immersive audio-visual environments
are provided.
Keywords: Anechoic, Recordings, Point-Cloud, Auralization, Virtual Reality

1 Introduction
Auralization is based on the convolution of anechoic recordings with room impulse responses (RIR). This tech-
nique allows one to simulate how the recorded material would be heard in the measured room, for a given
source/receiver pair. These RIRs can either be measured in the actual space or simulated, by employing var-
ious numerical methods [1]. Over the last decade, the perceptual quality, and hence the ecological validity,
of such acoustical simulations has improved, as recent research has shown that simulated auralizations can be
subjectively comparable to measured ones on a given set of attributes [2]. Nevertheless, the primary source
(the anechoic material) remains one of the key factors to achieving realistic simulations. Several public sources
exist for anechoic recordings which could be used for auralization purposes. Examples span almost 50 years.
The BBC Orchestra conducted early anechoic recordings in 1969, however these recordings do not appear to
be available anymore [3]. The Japan Audio Society released a CD in 1985 including various extracts of solo
instrument music [4]. The Archimedes project from Bang and Olufsen followed in 1992 [5], providing high-
quality solo instruments and speech recordings. Soon after, Denon published a well-known number of recordings
of orchestral music [6], including classical, romantic and post-romantic pieces. However, these full orchestral
recordings have a poor signal-to-noise ratio. In addition, the entire orchestra was recorded simultaneously using
close-microphones on an acoustically damped stage and then down-mixed to a stereo recording, with the results
not being well-suited to detailed auralizations due to the inability to separate instrument tracks.
Multi-channel recordings of symphonic music were recorded by [7] in 2005, but these recordings have not been
made readily available, mainly due to copyright permission from the orchestra. A choir was recorded in an
anechoic chamber in 2005, providing six choral arrangements with 80 singers [8]. One of the most thorough
and high quality resource to date are the recordings described in [9] in 2008: instruments were individually
recorded providing high-quality and perfectly separated instrument recordings of classical music from various
periods, including Mozart, Beethoven, Mahler, and Bruckner. Lastly and most recently, in 2016, [10] conducted
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recordings of opera orchestra and soloists, from composers including Donizetti, Verdi, and Puccini. These last
recordings are not perfectly anechoic, being carried out in a dry room.
Overall, few high-quality anechoic recordings are available, especially for multiple instruments. It should be
noted that a majority of recently built concert halls are multi-purpose halls, welcoming both classical and jazz
ensembles. Yet, few if any anechoic jazz ensemble recordings have been made publicly available.
Aside from basic audio auralizations, there is growing interest and effort to couple audio renderings with asso-
ciated visual models, potentially rendered in virtual reality (VR) [11, 12, 13]. It is generally acknowledged that
auditory and visual modalities interact with each other, and both visual and auditory perceptions are significantly
improved when the audio-visual stimuli are coherent (when the sound matches the visual). Research into the
spatial coherence of audio-visual renderings in auralizations has shown that the visual distance between source
and listener affect the perceived auditory distance and loudness, though this effect has shown inter-individual
variations [14].
In addition to the inclusion of visual rendering, recent studies have shown that the inclusion of dynamic voice
directivity in simulated auralizations enhances the perception of envelopment and apparent source width, as well
as the plausibility of the simulation [15].
In the context of these recent findings, this work presents the acquisition of synchronized audio and video
recordings of small ensembles playing a variety of musical pieces, including different orchestrations, with two
main goals:

• Extending the range of publicly available databases of anechoic audio recordings to cover a wider range
of musical styles, hence enabling a more adapted music selection for a given space under study.

• Providing the community with audio and 3D-video recording datasets that can be easily integrated into
VR environments (potentially including dynamic instrument directivity, see description in Sec. 3.4).

This paper begins with a description of the musical selections, followed by the procedure employed for the
recordings. Technical details are provided in Sec. 3. Finally, potential applications and future work are discussed
in Sec. 4.

2 MUSIC SELECTION AND MUSICIANS
2.1 Criteria of selection
Several requirements were defined for the selection of the musical pieces: they needed to provide valuable
acoustical interest (presence of tutti, solo passages, wide occupation of the frequency spectrum), to represent
different periods and musical styles (particularly those missing from currently available anechoic recordings),
and to stage different orchestrations including various instruments. Particular attention was given to movable
instruments (like saxophone, clarinet), with the final aim being the inclusion of coherent directivity in the audio
that follow the musicians movement, also represented in the visual rendering. A summary of the different
musical excerpts is provided in Tab. 1.

2.2 Classical Baroque
One of the missing musical period in the work of [9] was the Baroque era; which they decided not to record
mainly because of the presence of the harpsichord, which was deemed difficult to record properly. Given the
numerous composers, different geographical influences, number of orchestrations, and overall richness of this
period, it was decided to acquire Baroque music material. The 3 pieces were interpreted by the same quartet,
comprising 2 violins, 1 viola, and 1 cello.
The first selected piece was the second movement of the 3rd Orchestra Suite (BWV 1068 no.3) called Aria
in D-minor. This 1’10" long piece is one of the most famous piece from J.S Bach, and providing various
harmonies with a slow tempo (Largo/Larghetto).
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Table 1. List of selected musical pieces, including title of the piece, composer, period/style, instruments used in
the recorded interpretation, and the duration of the extract.

Musical piece 1 Composer Period/Style Instruments Length
BWV 1068 no.3 J.S. Bach Baroque (1739) 2 Violins, 1 Viola 1’10"

Aria 1 Cello
BWV 1080/15 J.S. Bach Baroque (1721) 2 Violins, 1 Viola 1’07"

Canon alla ottava 1 Cello
RV 315 A. Vivaldi Baroque (1723) 2 Violins, 1 Viola 2’35"
Opus 8 1 Cello

Minor Swing 2 D. Reinhardt Manouche Jazz (1937) 2 Guitars 1’15"
Violin, Double-Bass

Don’t mean a thing D. Ellington Swing Jazz (1931) Saxophone, Guitar 2’00"
(If Ain’t Got That Swing) Double-Bass

Si tu vois ma mère S. Bechet New Orleans (1952) Clarinet, Guitar (Tenor) 1’30"
Double-Bass

The second selected piece was part of the Art of the fugue, the last piece of work from J.S Bach. An extract
of 1’07" from the Canon Alla Ottava in D-minor was selected. The first phrase of this Canon is written for
the violin alone, followed by the cello; the different voices alternate often, at a moderate tempo (Adagietto),
enabling one to focus on the different instruments and their frequency ranges successively.
The third and final piece from the Baroque era was the 3rd movement of the Summer of the 4 seasons from
Vivaldi, in G-minor. This piece of 2’35", played presto, comprises a variation of dynamics, including violin
solo passages, crescendos, and tutti.
These pieces, being interpreted with 2 violins, 1 viola, and 1 cello, are also interesting from the viewpoint of
moving instruments.

2.3 Jazz
Common jazz instruments include saxophone, trumpet, trombone, clarinet, piano, guitar, double-bass, voice, and
drums. Different periods can be characterized by different orchestrations.
It was decided to record Manouche jazz, a style from the 1930’s characterized by a rythmic basis played by
2 guitars and a double-bass, accompanying a melodic violin, with the absence of percussion, woodwinds, and
brass. The chosen title was the well-known Minor Swing in A-minor, interpreted by a trio comprising 1 double-
bass, 1 guitar, and 1 violin, covering a large part of the audible frequency range. The recorded extract lasted
1’15".
Two pieces were selected to extend the range of instruments available, as well as other styles of jazz music:
the first 2 min of Don’t mean a thing, written in 1931 by Duke Ellington, played by a trio comprising a tenor
saxophone, guitar, and double-bass. This piece was selected to represent the Swing jazz period. Finally, the first
1’30" of a Sydney Bechet song, recorded in 1952 (New Orleans period), played with a saxophone alto, guitar,
and double bass was chosen for the particular timbre of the saxophone alto and the low density of notes in this
piece, allowing for more perception of room effects.

2.4 Musicians
To cover the different styles chosen described above, 8 musicians from the Sorbonne University’s Choir and Or-
chestra (COSU) were recruited and paid, including: 1 double-bass player, 1 cello player, 1 guitarist, 3 violonists,
1 altist, and 1 saxophonist. Their mean age was ≈ 20 years. All musicians had previous recording experience,
though not in anechoic conditions.

741



3 RECORDINGS
3.1 Procedure
The objective of this work was to record both the audio and video of each musician, to allow maximum
flexibility for future simulations. To achieve the high quality and perfect separation of instruments in the audio
recordings, it was decided to individually record each instrument/musician.
The recording procedure was defined as follows:

• A preliminary reference take in which all musicians were aligned in a linear row and played together
was recorded, in the anechoic room. Except the saxophone, violins, and viola which were recorded
with a microphone mounted on the instrument, each instrument was recorded using figure-of-8 pattern
close-microphones, with the nulls pointing perpendicular to the associated instrument, to reduce the sound
captured from neighboring instruments. In order to provide a natural acoustic for the musicians, rather
than the very dry anechoic chamber’s acoustics, the live captured audio of each instrument was processed
in real time by adding a reverberation of 1 sec to simulate a small studio (usual in studio recordings)
and rendered over headphones identically to all musicians. The listening level was adjusted to maximize
the musicians’ playing comfort, optimizing the balance between their own instrument sound, the added
reverberation, and the surrounding instruments. This live reverb processing was achieved using SPAT1,
with one instance per instrument. The processing was adjusted with the live feed virtually placed at 1 m
in front of the listener, with a room size of 600 m3 and an aperture of 90°.

• To provide a performance reference for the musicians when they were subsequently recorded in isolation,
comparable to the reference piano track and conductor video in [9], a downmix of the reference perfor-
mance was created for each musician for which their individual contribution was excluded. In this way,
it was intended that musicians would be able to perform in a more “natural" way, mimicing their prior
performance when playing in ensemble.

• A second recording session was then performed in which each musician was individually recorded while
listening to their individual monitor mix. The same live reverberation processing was employed for the
individual recording sessions. Subsequent to this recording, each musician was allowed to listen to their
individual take and to the whole. They were able to retake the session if desired.

• For each of these individual takes, the video capture from the Kinect cameras system2 was manually
started and stopped.

3.2 Audio anechoic recordings
3.2.1 Anechoic chamber
All recordings were been carried out in the anechoic chamber of the Sorbonne Université, interior working
dimensions of 7.95×5.5×4.07 m, excluding the surrounding wedges of 0.85 m depth. The chamber is therefore
assumed anechoic for frequencies above 80 Hz. Musicians were always located at least 1.5 m away from the
tip of the anechoic wedges. The chamber has an equivalent background noise level of LAeq = 16.6 dBA. A
surveillance camera installed in the chamber enabled visual monitoring of the recordings sessions from the
adjacent control room.

3.2.2 Microphones
Several options were considered for micing the instruments. Use of purely electric instruments to avoid cap-
turing other instruments sounds was discarded for two reasons: first, the altered timbre of such instruments as
compared to acoustic ones, and second, the fact that even professional musicians are not used to playing this

1http://www.forumnet.ircam.fr/product/spat-en/
2https://developer.microsoft.com/fr-fr/windows/kinect
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Figure 1. Musicians wearing headphones and playing together for the reference recording (1st session).
Saxophone and violin were recorded using DPA4060 mounted on the instrument, while double-bass and guitar

were recorded using Schoeps MK-8 figure-of-8 microphones.

type of instrument. Use of piezo-electric microphones was discarded due to the cost/lack of availability in the
lab of high-quality microphones of this type and the additional processing required to transform the signal into
natural instrument sound. After discussions with a few recording professionals3, it was decided to record the
instruments using closely placed microphones. The exact micing configuration was adapted for each instrument,
following guidelines from recording engineers [19].
For the reference recording, as the goal was to record the ensemble with minimal cross-talk between pickups,
the musicians were aligned in a single row. In addition to close-mounted microphones, figure-of-8 microphones
pointing towards the instruments were used, to provide rejection of sounds coming from the adjacent musicians,
as described in the procedure, and depicted on Fig. 1.
For the second recording phase, solo instrument recordings, protocols depended on the instrument category:
static versus moving instruments with respect to needing the microphones being fixed to the instrument or not.
For static instruments, including double-bass, cello, and guitar, one fixed omni-directional microphone (DPA
4006) was placed approximately 1 m away, pointing towards the instrument. Two supplementary microphones
were placed off-center at 2 m distance from the instrument, to provide additional resources for any subsequent
equalization (while also providing minimal data for comparing with theoretical radiation patterns of each instru-
ment [18]). For moving instruments, such as violin, viola, and saxophone, closely placed miniature microphones
(DPA 4060) were mounted on the instruments. These microphones were chosen for their high-quality: linear
frequency response, good directional pattern4,5, and low noise-floor (respectively LAeq = 15 dBA and 23 dBA).

3https://www.ens-louis-lumiere.fr/en/
4https://www.dpamicrophones.com/ddicate/4006-omnidirectional-microphone
5https://www.dpamicrophones.com/dscreet/4060-series-miniature-omnidirectional-microphone
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3.2.3 Hardware/Software details
Audio and video were recorded using two distinct and independent systems. A dedicated computer (Mac-
book 2.5GHz, 16 GB RAM) managed all the audio, using a custom Max6 patch. The signals from the micro-
phones recording the instruments were acquired using a Fireface 8027 audio interface, at 44.1 kHz/24bits. The
audio computer also provided the monitor output mix to the headphones worn by the musicians, as well as a
general monitor for the recording engineer.

3.3 RGB-Depth video recordings
In parallel to the individual audio recordings, each musician was also visually recorded in order to acquire 3D
images for use as realistic performance avatars playing on stage in VR simulations. Visual recordings were
carried using three Kinect v2 RGB-D sensors, allowing for the acquisition of 3D point-cloud representations of
each the musician. Such visual data can be integrated, for example, into a Unity8 VR scene without the need
to create an animated avatar.
The remainder of this section describes the architecture of the system used for the 3D-video recordings as well
as the RGB-D image post-processing applied to obtain the final 3D-point-cloud.
Recording from multiple Kinects was achieved thanks to the LiveScan3D library9 developed in C++/C# and the
OpenCV library10. This system enabled for the production of a single fused 3D point-cloud of each musician
from the data acquired from the separate cameras, viewable from different viewpoints (see Fig. 2).
The LiveScan3D library is based on a client/server architecture, the clients communicating with the server via
TCP/IP. In principle, it allows for the use of any number of Kinect camera clients, with each Kinect connected
to a separate computer (a limitation originating from the Kinect v2 SDK that does not allow multiple Kinect’s
on a single PC). For this database, 3 sensors were used, resulting in a few small shadow zones behind the
musician in the 3D reconstruction of the point-cloud [17].
The server manages all the clients simultaneously for recording sequences. The composite point-cloud can
directly be streamed in Unity11 or to a viewer available in the LiveScan3D library. For the creation of the
visual part of the database, the sequences were saved as .ply format files12, a format which supports colored
point-cloud data (either binary or ASCII format). These files can then, for example, be imported in Unity and
played frame by frame to provide the visuals of each musician playing. A similar approach, though with only
a single Kinect, has previously been used for the insertion of visual actors into an audio-visual rendering of a
theatre auralization [14, 22, 23].

3.4 Post-processing
The added value of having video recordings is that dynamic source positions and orientations can be extracted
and employed to provide dynamic acoustic directivity in auralizations, following the method described in [15],
based on a 12 beams angularly equi-repartited decomposition of impulse responses.
Briefly, after convolving the mono recorded instrument track with the HOA-RIR of each source beam and
filtering into separate frequency bands, dynamic source directivity can be adjusted in real-time by altering the
gains of the different source beams to create the desired pattern and orientation. In contrast to the method
proposed by [7], which used multi-channel anechoic recordings, this method offers a better representation of
source directivity in the rendering architecture. RIR simulations need only to be calculated once, for a set of
directional sources on a sphere. Current research efforts involve the development of a real-time implementation

6https://cycling74.com/products/max-features
7http://www.rme-audio.de/en/products/fireface_802.php
8https://unity3d.com
9https://github.com/MarekKowalski/LiveScan3D

10https://opencv.org/
11https://github.com/MarekKowalski/LiveScan3D-Hololens
12http://paulbourke.net/dataformats/ply
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Figure 2. Example of cello player 3D point-cloud reconstituted image, viewed from two different angles.

of this method in order to study musician/room interactions [21].

4 Outlook
This paper presented the individual recordings (both 3D video and anechoic audio) of small musician ensem-
bles (trios and quatuors) playing 6 extracts of musical pieces comprising Baroque and Jazz music, including
the following composers: Bach, Vivaldi, Django Reinhardt, Duke Ellington, and Sydney Bechet. Close-mounted
microphones were used to record each instrument individually in a methodical manner. Accompanying simulta-
neous RGB-depth-video recordings enabled for the creation of 3D point-clouds which can be easily incorporated
into future virtual acoustic simulations combined with auralizations.
As introduced in Sec. 3.4, dynamic instrument directivity can be included in the simulations. This first perspec-
tive will allow for the conduction of subjective experiments to assess the impact of the incorporation of such
dynamic instrument directivity on auralization perceptions, with a comparison to results previously obtained with
voice stimuli [15]. Other potential uses of this multimodal dataset include investigating the impact of changing
the spatial arrangement of musicians and instruments to simulate different orchestrations, or providing coherent
and incoherent audio/visual cues to investigate multimodal effects, in particular for the auditory perception of
dynamic source directivity.

5 Resources
Synchronized audio, 3D-video point-cloud, and source tracking information are made freely available for re-
search purposes. Files can be downloaded via the institutional site www.lam.jussieu.fr/Projets/AVAD-VR.
html.
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Abstract
This study presents an acoustic virtual reality technique based on geometrical acoustics simulations and
high-order Ambisonics. The technique relies on pre-calculated B-format impulse responses in a grid of
receiver positions, that are decoded into a virtual array of loudspeakers which follows the listener during
runtime. The virtual loudspeaker signals are synthesized for a binaural representation via head-related
transfer functions. This tool is assessed in terms of sound localization. The 1st and 2nd order Ambisonics
are compared while visual and head movement conditions are varied, to see if they affect the localization
performance. Moreover, this study tests the localization in full 3D challenging reverberant conditions (0.6
to 2.0 s). Results show that significant outperformance of the 2nd order technique over the 1st order is
found in all head movement and visual conditions. When using 2nd order Ambisonics, allowing head
movement and visual are provided, sound localization error is found to be less than the just-noticeable
difference.
Keywords: sound localization, order of Ambisonics, acoustic VR, geometrical acoustics simulation, B-
format impulse responses

1 INTRODUCTION
For several years, the ability to listen to simulated acoustics of spaces has been possible through auralizations
(1), albeit usually only for a non-dynamic, non-interactive, fixed source-receiver set up. Recently, acoustic VR
systems have become popular due to their obvious advantages of interactivity and multi-sensory evaluation (2–4).
Combining various factors, such as aesthetics, sound, daylight, artificial lighting, space planning, and geometry,
into an integrated and immersive VR experience is advantageous in a holistic evaluation of indoor climate. By
means of VR, the communication between architects/stakeholders and acousticians becomes more effective, so
that it is possible to evaluate various acoustic solutions in the early design phase and also makes it possible
to detect acoustic defects, such as echoes. The VR system should work accurately in terms of localization in
actual reverberant conditions and should be immersive and realistic during the evaluation.
In previous research (2–4) different solutions are given for fixed positions or established paths where the user
is not allowed to move freely. In this study, an acoustic virtual reality (AVR) system is developed where
the user can walk freely in the virtual scene and experience VR visuals and auralizations based on accurate
acoustic simulations. Moreover, it allows the user to change immediately between different acoustic and visual
conditions. This study focuses on the localization performance under different Ambisonics orders, and under
different head-movement and visual stimuli conditions. Morever, the localization performance is investigated in
virtual rooms with realistic reverberation times, ranging from 0.6 s to 2.0 s. Note that previous localization
studies mainly dealt with near-anechoic conditions (5). The novelty of this study is twofold: a) a novel acoustic
virtual reality technique based on pre-calculated, accurate B-format room impulse responses is presented and b)
localization test results in 3D reverberant rooms using an integrated VR system combining accurate vision and
sound stimuli.

∗hsllo@elektro.dtu.dk
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2 THEORY AND METHODS
2.1 AVR system design
A virtual reality system should be ideally real-time for flexibility and interactivity (6, 7). However, a real-time
AVR system requires a lot of assumptions and simplifications during acoustic simulations due to the real-time
constraint, so the accuracy will be limited.
For this study, a more accurate acoustic representation is sought. Room impulse responses are pre-calculated on
a grid of points across the domain. The audio playback consists of the interpolated nearest room impulse re-
sponses, convolved with source signals. This approach comes with the benefit of allowing for the use of highly
accurate room acoustic simulations (e.g. wave-based methods). Furthermore, this approach enables for instan-
taneous switching between different room acoustic configurations during run-time, which can be challenging to
realize in real-time implementations due to the time needed to compute the new conditions. However, different
scenarios must be pre-computed in advance. Furthermore, handling moving sources is difficult due to the large
memory footprint required.
This approach allows the user to walk freely around the domain, integrating dynamic auralizations into VR
such that acoustics and visuals can be experienced together. A head-position-tracked auralization system was
created using virtual game engine (Oculus Rift (8) and Unity (9)) along with geometrical acoustics simulation
methods (provided by Odeon (10)) and real-time audio signal processing (Pure Data (11)). This process allows
for the recreation of a virtual, dynamic 3D sound field by using pre-calculated B-Format impulse responses,
and decoding them to a specific virtual loudspeaker array that, ultimately, is virtually synthesized for a binaural
listening experience through the use of HRTFs. The whole process is summarized in Fig. 1, where a flow chart
presents how the different systems are connected.

Figure 1. Flow chart illustrating the AVR system.
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2.2 Odeon: Acoustic simulation and pre-processing
Odeon is a commercial room acoustic simulation software, which is used in this study for pre-computing the
room impulse responses. Odeon relies on a hybrid geometrical acoustics algorithm, which combines the image-
source method with a modified ray tracing algorithm. For this study, the receivers are aligned on a grid of
equidistant points, see example in Fig. 2a). Odeon provides Ambisonics B-format IRs, which include the direc-
tional information of sound incidence that enables accurate acoustic auralization for for any head orientation.

2.3 Unity/Oculus Rift & Data routing
The game engine Unity is used for managing the visuals of the 3D model and for tracking the location and
orientation of the listener. The same grid of receiver points used in the acoustic simulation must also be set up
in Unity. As the listener walks through the virtual environment, the system will reproduce the audio file (the
pre-processed convolved file), which corresponds to the point where the listener is placed. When the listener is
located between points, a linear interpolation is used.
A C# script implemented in Unity allows tracking the listener’s position and orientation in real-time. This infor-
mation is passed to the audio processor (Pure Data), which is responsible for playing back the relevant impulse
responses. The communication between Unity and Pure Data is done via UDP (User Datagram Protocol).
A Pure Data patch is built, which contains two modules: Data Routing & Audio control and Ambisonics &
Binaural Synthesis as shown in Fig. 1. The Data Routing & Audio control part includes a UDP receiver. The
information is routed to the subpatches (as many as the number of points) that manage the playback for each
receiver position of the grid. The outputs of the subpatch are the Ambisonics signals that Pure Data reads from
the stored files. All the Ambisonics channels of all the point subpatches are summed per channel and routed to
the Ambisonics & Binaural Synthesis module.

2.4 Ambisonics & binaural synthesis
The Ambisonics & Binaural Synthesis module (see Fig. 1) is responsible for taking the B-format channels
and processing them such that the sound field can be synthesized in binaural form while taking into account
real-time head tracking. The audio files, which contain all the Ambisonics channels, are the inputs of this
module. The Ambisonics channels are decoded for playback through a virtual loudspeaker array, which follows
the listener. Finally, each loudspeaker signal is convolved with the HRTF that corresponds to the loudspeaker
position, to provide the binaural synthesized signal as L/R channels (SADIE Project library is used, in particular,
the Subject 001 KEMAR HRTF’s (12) which provides a total of 1550 points in space with 5◦ resolution in
azimuth and 10◦ resolution in elevation). Rotational matrices are applied before the decoding process to rotate
the sound field according to the listener’s head orientation in real-time.
The chosen geometry for the loudspeaker array was an icosahedron, which has a total number of 12 vertices
containing 12 loudspeakers to play back the decoded Ambisonics sound field. Choosing a regular geometry
allows one to simplify the problem. The virtual loudspeaker array is always fixed and centered at the listener’s
head and follows the listener’s position and head orientation as illustrated in Fig. 2b).
A Dual-band decoder is chosen for this study as it satisfies both, the low and high-frequency localization
mechanisms (13). Both criteria can be applied by using two different decoders, basic and max-rE decoders on
a low and high frequency band split signal respectively (14, 15).

2.5 Subjective localization test
A subjective test was carried out to assess sound source localization using the AVR system while varying
different parameters: the first and second order of Ambisonics, with and without the visuals, with and without
of allowance of head movement, in three full 3D challenging reverberation time conditions going from 0.6 s up
to 2.0 s.
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Figure 2. a) An example of a receiver grid in a simple room in Odeon. b) Illustration of the icosahedron
loudspeaker array used in the AVR implementation and how it follows the listener in the virtual space.

The subjective testing was conducted in an isolated listening booth. The listener sat in a specific position in the
booth and was fitted with an Oculus Rift headset (which also contains headphones). The sound source signal
used for all subjective experiment is an anechoic speech signal of a female voice. The volume of the headphone
reproduction was calibrated such that the sound pressure level at the ears of the test subjects was 60 dB(A).
A total of seventeen normal hearing test subjects from both genders, aged 25-32 participated in the experiment.
All experiments were approved by the Science-Ethics Committee for the Capital Region of Denmark (reference
H-16036391).

2.5.1 Method
Three rectangular rooms were designed in order to achieve three different acoustic conditions. A big room
with V = 6000 m3 and T30 = 2.0 s (averaged across the 125-4000 Hz octave bands), a medium room with
V = 1376 m3 and T30 = 1.2 s and a small room with V = 144 m3 and T30 = 0.6 s. Fig. 3a) shows the 3D
models made in Unity. The blue point represents the listening position. The simulated reverberation time is
presented in Fig. 3b). The primary purpose is to compare the localization performance when using the first
order Ambisonics versus the second order Ambisonics in the AVR system. The initial hypothesis regarding
this experiment is that the second order Ambisonics would significantly improve the localization performance.
In the experiment, the participants were placed in a fixed position in a virtual room. The participants were
presented with an auditory and visual stimulus and were asked to point where the sound was coming from,
taking advantage of the Oculus Rift headset and controller. The source was randomly positioned inside a range
of -120 to 120 degrees for azimuth (with 5 degrees of resolution) and 0 to 45 degrees for elevation (with 15
degrees of resolution). The subjects were presented with the following stimuli conditions: a) Only audio (A): A,
b) Audio and head movement (HM) allowed: AHM, c) Audio and visuals (V) allowed: AV, d) Audio, visuals
and head movement: AVHM. The stimuli order was randomized during the localization test.

2.5.2 Data analysis
The absolute difference in the angle between the original sound source position and the answer of the test
subject was used in order to quantify the localization error. Responses were grouped according to the four
scenarios a), b), c) and d) for the first and the second order Ambisonics. The results were further subjected to a
multivariate analysis of variance (ANOVA), using a linear mixed model. The purpose of this statistical analysis
is to conclude whether there is a statistically significant difference between different scenarios. The subject was
regarded as a random effect on the mean value. The JMP software (16) was used to perform the analysis. The
description of each factor and the effect type of the mixed model is summarized in Tab. 1.

750



Figure 3. a) A screen capture from Unity showing the big room (top left), medium room (top right) and small
room (bottom). The listening position is shown as a blue sphere. b) Simulated reverberation times for the three
room types used in the localization experiment.

Table 1. Factors and effect type of the mixed model for multivariate analysis of variance of the localization test
results.

Factor Levels Levels names Effect type
Subject 17 1,2...17 Random effect
Order 2 First, Second Fixed effect
HM 2 Yes, No Fixed effect

Visual 2 Yes, No Fixed effect
T30 3 0.6 s, 1.2 s, 2 s Fixed effect

3 RESULTS AND DISCUSSION
Fig. 4a) shows the azimuth localization errors, averaged across all test subjects and across the three rooms, to-
gether with the 95% confidence interval (CI), for the four different stimuli conditions (a,b,c,d), for both the first
order and the second order Ambisonics. In addition, Tab. 2 presents the parameters with statistically significant
differences. The largest mean error is around 30 degrees, for the scenario when first order Ambisonics are used
and no visuals are provided and head movement is not allowed. On the other hand, 0.78 degree is the lowest
mean error for the second order Ambisonics with visuals and head movement are allowed. The just-noticeable
difference (JND) in sound localization is 1 degree (17). These results are similar to what other studies have
found for the horizontal plane (18).
For all four conditions, the azimuth error is found to be statistically significantly lower for the second order
Ambisonics compared to the first order Ambisonics. This result is consistent with other results found in the
literature where higher orders provide an improvement in localization accuracy (19).
When visuals are added, or head movement is allowed, the error decreases. Again, these results coincide with
what other similar studies have found (20). The visual cues help to resolve localization ambiguities and im-
prove compactness perception (21), which means that the visuals have a direct impact on the sound localization
and can improve it as well. Head movement, in particular, seems to be an essential factor for improving the
localization accuracy. Notice that in condition b) and c) the CI is also reduced, which also indicates that the
second order works better than the first order.
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Figure 4. Results of the subjective localization test for the four different stimuli conditions tested. The results
are averaged across all test subjects and across the three different acoustic conditions tested. a) Azimuth. b)
Elevation.

Table 2. Multivariate ANOVA analysis results using a mixed model with REML method for elevation error data
of the localization test. Left: Azimuth. Right: Elevation.

Source DF F Ratio Prob>F
Order 1 14.2992 0.0002
HM 1 35.4005 < .0001

Visual 1 7.4820 0.0065
Visual×HM×T30 1 5.2179 0.0229

Source DF F Ratio Prob>F
Order 1 14.8452 0.0001
Visual 1 96.3213 < .0001

T30×Order 1 5.4065 0.0206

The same analysis for the elevation is presented in Fig. 4b). Tab. 2 presents the parameters with statistically
significant differences. As in the case of the azimuth angle, for all the conditions, the usage of second order
Ambisonics results in statistically significantly lower error compared to using the first order Ambisonics.
However, adding head movement does not result in significantly reduce errors for the elevation angle. In this
case, we rely mostly on monoaural spectral cues that vary with the elevation angle in a highly individual
manner, so the head movement does not help a lot with a non-personalized HRTF (22). The highest error value
is 25 degrees, given for condition a) (first order). On the other hand, the lowest value is 3 degrees, given for
condition d) (second order). Again, adding visuals helps to localize the source position.
A one-way ANOVA concluded that there is no statistical difference between the azimuth and elevation results
(F(2,814) = 1.6005, p = 0.2062). However, as it is known that the localizing sources in the median plane are
much more difficult for the subjects than in the horizontal plane, the resolution for the elevation was chosen
coarser than for the azimuth. The differences in the resolution could explain why there is not a statistically
significant difference between the two.
The performance between different room types is compared and presented in Fig. 5, where the mean error for
different T30 values together with the 95% confidence interval is shown. A one-way ANOVA concluded that
there is no statistical difference between the different T30 values for azimuth (F(2,930) = 1.2095, p = 0.2994).
However, the analysis shows a statistical difference for the elevation (F(2,837) = 3.1216, p = 0.0451). This can
be due to the difference in the degrees resolution between azimuth and elevation used during the experiment.
However, for both azimuth and elevation, the second order Ambisonics presents less mean error compared with
the first order.
The averaged across all stimuli conditions (a,b,c,d), all room types and elevation and azimuth angles show a
mean error of 19 degrees for the first order and 11 degrees for the second order, which reveals that second order
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Figure 5. Results of each room type of the subjective localization test, averaged across all stimuli conditions
(a,b,c,d). a) Azimuth; b) Elevation.

results in lower error values. This fact is in agreement with the previous analysis. With this in consideration, it
is possible to conclude that the second order improves the localization performance significantly in the integrated
VR system.

4 CONCLUSIONS
In this study, the localization performance using the first and second order Ambisonics in different visuals and
head movement conditions for three different acoustic conditions was tested. The AVR system used is based on
pre-calculated B-Format impulse responses from a hybrid geometrical acoustics software, and it allows for the
free movement and orientation of the listener in the modeled space.
Results revealed that using the second order Ambisonics results consistently in better localization performances
compared to when using the first order Ambisonics. When the second order Ambisonics decoder is combined
with high quality VR visuals, and head movement is allowed, the localization error is found to be the lowest,
being smaller than the JND threshold. A statistical linear mixed model ANOVA analysis on the localization test
results confirms the hypothesis that the second order would significantly improve the localization performance
than the first order.
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ABSTRACT
This paper studies the capability of Optimal Source Distribution (OPSODIS) numerically and experimentally
for simultaneously synthesizing virtual auditory space to multiple listeners. The OPSODIS is a binaural 
synthesis method over loudspeakers which utilizes the idea of a pair of conceptual monopole transducers
whose azimuthal location varies continuously as a function of frequency. The authors have revealed so far 
that this makes it possible to provide the same binaural signals not only to the on-axis target listener but also 
to multiple off-axis listeners. The OPSODIS can be augmented to three channels by adding a center channel 
to the left/right configuration described above. The three-channel system is potentially superior to the two-
channel one as for the on-axis target listener’s sweet spot. In this paper, whether the sweet spot of off-axis 
listeners can also be enhanced by the three-channel system is discussed. Numerical simulations under free-
field conditions and experiments in a listening room are carried out. It is proved that the three-channel
OPSODIS can also provide the additional controlled regions for the off-axis listeners, which are more robust
than those given by the two-channel one.

Keywords: Binaural synthesis, Optimal source distribution, Three-channel system, Off-axis listeners

1. INTRODUCTION
Since M. R. Schroeder et al.1 had developed it as for studying the room acoustics, 3D sound 
reproduction technologies based on the binaural synthesis over loudspeakers have been studied by 
many researchers so far. 2-4

The system inversion involved in the binaural synthesis gives rise to a number of problems such 
as a loss of dynamic range, and a lack of robustness to room reflections and individual differences in 
the head related transfer functions. In order to overcome those fundamental problems, the principle 
of the optimal source distribution (OPSODIS) have been proposed, which utilizes the idea of a pair 
of conceptual monopole sources whose azimuthal location varies continuously as a function of 
frequency.5 This has a minimum configuration of two-channel system (left and right). The simple 
signal processing and loudspeaker arrangement coming from the principle of the OPSODIS also
overcomes another problem in the conventional binaural syntheses in that the desired virtual auditory 
space can be synthesized only for one on-axis target listener whose inverse matrix are estimated. The
authors have revealed that the principle makes it possible to provide the independent control of the 
binaural signals not only to the on-axis target listener but also to multiple off-axis listeners.6

The OPSODIS can be augmented to the three-channel system by adding another source in the 
median plane to the left/right configuration of the two-channel system.7 The three-channel system is 
potentially superior to the two-channel one regarding the various kinds of errors described above 
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4 dylangmorgan@icloud.com
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including the deviations in listening positions of the on-axis target listener.
In this paper, based on the above findings, whether the deviations in listening positions of the

multiple off-axis listeners can also be enhanced by the three-channel system is discussed. Numerical 
simulations under free-field conditions and experiments in a listening room are carried out. It is proved 
that the three-channel system can also provide the additional controlled regions for the multiple off-
axis listeners, which are more robust to the deviations in listening positions than those given by the
two-channel one especially at higher frequencies.

2. PRINCIPLE OF THE OPTIMAL SOURCE DISTRIBUTION

2.1 Potentials of inverse filter matrices
A fundamental principle for the binaural synthesis over loudspeakers with system inversion is 
illustrated in Fig. 1, which are also known as crosstalk cancelation. We consider two- and three-
channel symmetric systems in which the geometrical relations between sources and receivers (a
listener’s both ears) illustrated in Fig. 2. The two-channel system is configured by only the left and 
right channels, and another one in the median plane is added to the left/right configuration when it 
comes to the three-channel system.

The plant matrix (a matrix of transfer functions between sources and receivers) for each system 
can be expressed as follows: in the case of the two-channel system,

0

0

sin

sin

1

1

jk r

jk r

e

e
C , (1)

and in the case of the three-channel system,
0

0

0
0

1 sin sin2

1 sinsin 2

1

1

j k r jk r

j k rjk r

ge e

e ge
C , (2)

where time dependence is assume with the wavenumber k0 = /c0, with the angular frequency and
the sound speed in the air c0. The plant matrices are normalized by the sound pressure at the left ear, 
and g is the relative sensitivity of the center channel with respect to those of the left and right. In this 
model, we assume monopole sources and receivers under the free-field condition also not including 
the effect of the head related transfer functions (HRTFs) in order to understand the physics underlying 
the inverse filter matrices.

A desired inverse filter matrix H in order to realize the independent control at the two receivers 
can be derived from the condition satisfying the following relation:

I CH , (3)

where I is the identity matrix. The maximum amplification of the source strengths required for the 
arbitrary binaural signal input at each frequency can be found from the 2-norm of H (denoted as ||H||) 
which is the largest of the singular values of H where these singular values are denoted by i and o :

max( , )i oH , (4)

Figure 1 – Block diagram for the binaural synthesis with system inversion.
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Figure 2 – Geometry of a two/three-source two-receiver system under investigation.

where i and o correspond to the amplification factor of the in-phase and out-of-phase components
of the desired binaural signals. The singular values i and o can theoretically derived from the 
singular value decomposition and expressed as follows: in the case of the two-channel system,

0 0

0 0

sin sin

sin sin

1

(1 )(1 )
1

(1 )(1 )

i
jk r jk r

o
jk r jk r

e e

e e

, (5)

and in the case of the three-channel system,

0 0

0 0

sin sin 2

sin sin

1

(1 )(1 ) 2
1

(1 )(1 )

i
jk r jk r

o
jk r jk r

e e g

e e

. (6)

These as a function of k0 rsin are illustrated in Fig. 3. The singular values change periodically and 
have peaks and valleys where k0 and satisfy the following relation with the integer number n.

0 sin
2

nk r , (7)

This means that we can find the optimal source positions where the systems are required least effort 
to reproduce the in-phase and out-of-phase components of desired signals with particular frequencies.

Figure 3 – Norm and singular values of the inverse matrix H as a function of k0 rsin : (a) g = 0 
(two-channel), (b) g = 1 (three-channel) and (c) g = (three-channel).
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2.2 Difference between the two- and three-channel systems
The fundamental principle of the optimal source distribution (OPSODIS)5 is based on the idea of a 
pair of conceptual monopole sources (left and right) whose azimuthal location varies continuously as 
a function of frequency. This idea came from focusing on the behavior of ||H|| in Fig. 3.

The two-channel OPSODIS system essentially utilizes the frequency-azimuth relationship
where the two singular values i and o are balanced at n = 1 ( rsin = quarter wavelength) to 
minimize the value of ||H|| in Fig. 3 (a). Thus

0 sin , ( 1)
2

k r n . (8)

In this case, the expression for the inverse filter matrix H becomes
11

12
j

j
H . (9)

This implies that independent control of the two signals is nearly achieved just by addition of the 
desired signals with a /2 relative phase shift between them. The conceptual monopole sources to 
satisfy the principle of the two-channel OPSODIS is illustrated in Fig. 4. In practice, a monopole 
source whose position varies continuously as a function of frequency is not easily available. However, 
it is possible to realize a practical system based on this principle by discretizing the source position 
as illustrated in the same figure (discretized OPSODIS).

On the other hand, in the case of the three-channel system,7 the balance between the two singular 
values o and i can be changed independently by changing the relative sensitivity g because of having 
extra number of source than the number of receivers (ears) (i.e. the mathematically under-determined 
case). Since the useful frequency-azimuth relationship where the two singular values become equal to 
each other ( o = i) varies from a third wavelength to two third wavelength in Eq. (7) as shown in Fig 
3 (b) and (c), the three-channel OPSODIS can also utilize the frequency-azimuth relationship where 
the singular value of the out-of-phase components o alone is minimized at n = 2 ( rsin = half 
wavelength):

0 sin , ( 2)k r n (10)

In this case, the following relationship should be satisfied to minimize the value of ||H||.

2

1 1max( ) min( )
22

i o
g

. (11)

Therefore, it is most desirable to derive the inverse system without excessive amplification when the 
sensitivity of the center channel is greater than the left and right channel by the factor of 2, and that 
is shown in Fig. 3 (c). In this case, the expression for the inverse filter matrix H obtained from the 
minimum norm solution becomes

1 1
1 2 2
4

1 1
j jH . (12)

Figure 4 – Conceptual monopole sources to satisfy the principle of the optimal source distribution.
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As a result, this implies the center channel source contributing to in-phase components i should have 
twice the source strength to counter the two sources predominantly contribution to out-of-phase 
components o . The conceptual monopole sources to satisfy the principle of the three-channel 
OPSODIS can be illustrated in a form of adding a third source in the median plane in Fig. 4.

Comparing the two- and three-channel systems, the point is that the shape of ||H|| around the 
ideal frequency-azimuth relationship are different from each other. In the case of the three-channel 
system, it forms a simple U shaped valley around n = 2 rather than a V shaped valley around n = 1 in 
the case of the two channel system. When the sensitivity g is varied, the shape of the valley changes 
slightly but it remains largely U shape with minor dents and humps. Various kinds of errors in realistic 
conditions coming from the discretization of the principle curve, the deviations in listening positions 
and individual differences in HRTFs etc. can be shown as the deviations from the bottom of those 
valleys to the left and right in Fig. 3. Therefore, the three-channel system is more robust to the errors 
than the two-channel system due to the fact that the valley is U shaped rather than V shaped.

3. CONSIDERATIONS FOR OFF-AXIS LISTENERS

3.1 Analysis
The principle of the OPSODIS can essentially provide the independent control of the binaural signals 
not only for the on-axis listener but also for multiple off-axis listeners. The augmented three-channel 
system is potentially superior to the two-channel case regarding the deviations in listening positions
of the on-axis target listener because of its higher robustness as described in the previous section. In 
this section, we discuss whether the deviations in listening positions of off-axis listeners can also be 
enhanced by the three-channel system.

We now consider the inverse system to realize 1 (0 dB) at the right ear and 0 ( dB) at the left 
ear of the on-axis target listener in Fig. 2. The sound pressure p reproduced by two- and three-source 
systems including the inverse system are shown in the Cartesian coordinate system as

0 1 0 2 0 3

1 2 3

jk r jk r jk re e ep A B C
r r r

, (13)

where
2 2 2

1
2 2 2

2
2 2 2

3

( sin ) ( cos )

( sin ) ( cos )

(0 ) ( )

r l x l y

r l x l y

r x l y

, (14)

where x, y and are in the following geometrical relationship:
sin
(1 cos )

x l
y l

. (15)

In this model, we can discuss what interference state happens all in the region. In the case of the two-
channel system, the amplitudes A, B and C can be expressed as

1 0
2 2

jA B C , (16)

and in the case of the three-channel system, those can be expressed as
1 1
4 4 2

jA B C . (17)

The source direction in Eq. (14) is related to the frequency satisfying Eq. (8) in the case of the two-
channel system and Eq. (10) in the case of the three-channel system, respectively.

3.2 Numerical simulations and discussion
Numerical simulations are calculated by Eq. (13) and the sound pressure are normalized by that from 
a monopole source, throughout. Considering a realistic near-feild condition, the distance l between 
the soures and the target on-axis lisntner is set to be 2 m.

Contour plots of sound pressure level as a function of and frequency are shown in Fig. 5. In
the case of the two-channel system, lots of vertical stripes can be seen in the figure. This means that 
the additional controlled regions where perfect crosstalk cancellation across the entire frequency range 
above the low frequency limit is obtained for the off-axis listeners are periodically repeated at both 
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sides of the on-axis listener, and which have turned out to be separating distance between ears r (
7.2° under this calculated condition).6 The similar interference states happen in the case of the three-
channel system. It is found that the vertical stripes in the three-channel system is much more 
distinguished than those in the two-channel system. This means that the higher robustness to listening 
positions of the three-channel system happens not only for the on-axis listener but also for the multiple 
off-axis listeners.

The physically maximum source span 2 = 180° gives the lowest frequency limit f l associated 
with the principle of the OPSODIS as

0

4l
nc

f
r

. (18)

Not that a smaller value of the integer number n gives a lower f l so that the two-channel system (n =
1) has an advantage rather than the three-channel system (n = 2) in terms of a lower frequency limit.

Contour plots of sound pressure level with respect to x-y plane of the listening space are shown 
in Fig. 6. The sound pressure is averaged from f l to 20 kHz. In the case of the two-channel system, 
interference fringes of spreading radially are only observed. In the case of the three-channel system, 
however, in addition to those, interference fringes of spreading concentrically from the source in the 
median plane are also observed. They can affect the robustness against the back and forth displacement
in the three-channel system and are subject of future investigation.

Figure 5 – Contour plots of sound pressure level of the two-channel (left) and the three-channel (right) 
systems as functions of receiver direction and frequency.

Figure 6 – Contour plots of sound pressure level of the two-channel (left) and the three-channel (right) 
systems in the X-Y plane.
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4. EXPERIMENTS

4.1 Procedures
In order to validate the theory, an experiment using discretized OPSODIS loudspeakers with 
multiway-uint.6, 8, 9 The left and right channels are split into six frequency bands according to the 
theory of the two- and three-channel systems, respectively. Binaural impulse responses at the ears of 
the Neumann KU100 dummy head were measured. The sound pressure was controlled to be 1 (0 dB) 

dB) at the left ear by using the inverse system. Starting from the on-
axis position, the dummy head was moved from the origin to around 600 and 1000 mm to the 
left/right-hand sides. To emulate a realistic listening environment, the experiment was carried out in 
a listening room with some degree of reflections.

Using the binaural impulse response data obtained in the experiment, the binaural crosstalk 
cancelation (CTC) was derived according to the following equation:

2

2

| ( ) |
10 log

| ( ) |
r

l

F
CTC

F
, (19)

where F( )r and F( ) l are the Fourier transform of the binaural impulse response at the right and left 
ear, respectively.

4.2 Results and discussion
The acquired CTC data is best represented in a color plot form as a function of off-axis position and 
frequency. Figure 7 shows results from the two-channel (3-way) and three-channel (4-way) systems.
Figure 8 shows a comparison between the two-channel and three-channel systems through discretized 
OPSODIS loudspeakers with 6-way.

The results in Fig. 7 and Fig. 8 (a) show data on the left/right of the central listening position
when only measurements were taken on the left-hand side. The right-hand data in the figure is purely 
a symmetric re-plotting of the left-hand data, to ease the reading of the data.

From the result presented in both figures, it can be clearly seen that second and third listening 
positions exist in the system: approximately 350 and 700 mm off-axis, respectively. The CTC at the 
second and third listening positions are less complete along the frequency range than at the center. 
This is caused by the coarseness of discretization and finer discretization would help create a more 
consistent performance for the off-axis positions.

Comparing the results from the two- and three-channel systems, the vertical stripes in the three-
channel system turned out to be more distinguish than those in the two-channel system at higher 
frequencies. In particular, the existence of the third listening position in the three-channel system is 
much clearer than that in the two-channel system.

Figure 7 – CTC of the OPSODIS system as a function of off-axis position and frequency with the CTC
amplitude on color axis: (a) two-channel system (3-way) and (b) three-channel system (4-way).
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Figure 8 – CTC of the OPSODIS system as a function of off-axis position and frequency with the CTC
amplitude on color axis: (a) two-channel system (6-way) and (b) three-channel system (6-way).

5. CONCLUSIONS
In order to realize virtual auditory space to multiple listeners using binaural synthesis over 
loudspeakers, we focused on the principle of the optimal source distribution. This principle utilizes 
the idea of a pair of conceptual monopole sources whose azimuthal location varies continuously as a 
function of frequency, and enable to provide the independent control of the binaural signals not only 
for the on-axis target listener but also multiple off-axis listeners. The principle can also be augmented 
to the three-channel system by adding another source in the median plane to the original left/right 
configuration of the two-channel system. The three-channel system is potentially superior to the two-
channel one as for the robustness to the deviations in listening positions of the on-axis target listener.
In this paper, whether the deviations in listening positions of the multiple off-axis listeners can also 
be enhanced by the three-channel system is discussed. Numerical simulations under free-field 
conditions and experiments in a listening room are carried out. It is proved that the three-channel 
system can also provide the additional controlled regions for the off-axis listeners, which are more 
robust to the deviations in listening positions than those given by the two-channel one especially at 
higher frequencies.
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Abstract
First-order ordinary differential equations (ODEs) based time-domain FEM (TD-FEM) is an attractive time-
domain solver for room acoustics simulation. For an idealized case the TD-FEM has fourth-order accuracy in
both space and time with explicit algorithm. This paper presents a sound absorber modeling in the first-order
ODEs based TD-FEM, addressing permeable membrane (PM) absorbers, which have been used to create com-
fortable acoustic environments in buildings such as conference rooms, stadiums and swimming pools. However,
simple implementation of numerical PM absorber model to the TD-FEM engenders fully implicit algorithm. To
overcome the difficulty, an iterative solver for sparse linear systems is locally applied to the TD-FEM. As a
consequence, locally implicit first-order ODEs based TD-FEM for sound field analyses including PM absorbers
is presented. Numerical experiments including acoustics simulation in a real sized room showed that the pre-
sented locally implicit TD-FEM performs better than the fully implicit implementation without the reduction of
accuracy.
Keywords: Room acoustics simulation, Time-domain FEM, Permeable membrane absorber, Iterative method

1 INTRODUCTION
Wave-based acoustics simulation methods in the time domain, which discretize the wave equation numerically
in both space and time, are one of tools for room acoustics design. Recently developed efficient time domain
wave-based methods can simulate sound propagation in rooms with simple boundary conditions at frequencies
up to several kilohertz. Among various time domain methods, the time domain finite element method (TD-
FEM) has an inherent strength in dealing with complex-shaped room model [1, 2, 3]. In standard formulation,
TD-FEM shows an implicit algorithm. Therefore, the authors have been presented an efficient implicit time
marching scheme using dispersion-reduced low-order finite elements, stability relaxed time integration method
and iterative solvers for large-scale room acoustics simulation and it has fourth-order accuracy in both space
and time for an idealized condition [2, 3]. Also, as an alternative formulation, the authors are exploring an
accurate explicit formulation, which is based on first-order ordinary differential equations (ODEs) [4, 5, 6]. The
present paper deals with the latter first-order ODEs based TD-FEM.
Time domain sound absorbers modeling, which can consider both frequency and incident angle dependence of
absorption characteristics, is one of the primary concerns to increase the accuracy and applicability of time
domain methods for room acoustics simulation. Various absorbers such as porous absorbers and Helmholtz res-
onator have been used to control acoustics inside buildings. Among them permeable membrane (PM) absorbers,
which are air-permeable thin fabrics, are an attractive absorber with its superior material properties, and have
been applied successfully to various architectural spaces like conference rooms, and swimming pools. Acoustic
curtains, suspended acoustic ceilings and space sound absorbers exemplify PM absorbers. The present paper
specifically addresses how to incorporate PM absorbers into the first-order ODEs based TD-FEM efficiently.
In an earlier work [6], we have been presented that the direct implementation of numerical PM model into the
first-order ODEs based TD-FEM engenders a fully implicit time marching scheme because the matrix expressing
the contribution of permeable membrane cannot be diagonalized. Although the resulting linear system of equa-
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tions can be solved efficiently by using an iterative solver, the scheme loses the advantage of explicit algorithm.
Therefore, the present paper proposes a locally-implicit time marching scheme to alleviate the difficulty. The
locally-implicit scheme is realized by local application of linear equation solver to linear system of equations,
which have small unknown, associated with permeable membranes. In doing so, the most part of time marching
scheme can be explicit. In the remainder of present paper, the formulation of first-order ODEs based TD-FEM
for room acoustics simulation including PM sound absorbers is presented firstly. Secondly, the locally-implicit
time marching scheme is proposed. Then, the validity and performance of the present scheme are examined
through two numerical examples including acoustics simulation inside practical sized meeting room with PM
ceiling absorbers.

2 THEORY
2.1 First-order ODEs based TD-FEM
We consider a closed sound field Ωf surrounded with a boundary Γ, which is governed by the nonhomogeneous
wave equation expressed by

∂ 2 p
∂ t2 − c2

0∇
2 p = ρ0c2

0
∂q
∂ t

, (1)

where p, c0, ρ0 and q represent, respectively, the sound pressure, the speed of sound, the air density and the
added fluid mass per unit volume. ∇ represents the gradient of a variable. The weak from of nonhomogeneous
wave equation is expressed by∫

Ωf

φf
∂ 2 p
∂ t2 dV + c2

0

∫
Ωf

∇φf∇p dV = c2
0

∫
Γf

φf
∂ p
∂n

dA+ρ0c2
0

∫
Ωf

φf
∂q
∂ t

dV. (2)

Here, φf denotes the arbitrary weight function. Introducing Galerkin finite element method to the sound pres-
sure and weight function in the weak form, with three boundary conditions, i.e., a rigid boundary, a vibrating
boundary and an impedance boundary, gives the following semi-discrete second-order ODE as

Mp̈+ c2
0Kp+ c0Cṗ = f, (3)

where M, K and C respectively denote the global mass matrix, the global stiffness matrix, and the global
dissipation matrix. p and f respectively denote the sound pressure vector, the external force vector. The symbols
· and ·· signify first- and second-order time derivatives. For the explicit calculation of Eq. (3), a diagonal mass
matrix D lumped from M and a vector v = ṗ are introduced. Consequently, Eq. (3) is transformed into

Dṗ = Mv, (4)
Dv̇ = f− c2

0Kp− c0Cṗ. (5)

In temporal direction, ṗ in Eq. (4) and v̇ in Eq. (5) are respectively discretized using first-order accurate forward
difference and backward difference. The resulting time marching scheme is expressed as follow [5].

pn = pn−1 +∆tD−1Mvn−1, (6)
(D+∆tc0C)vn = Dvn−1 +∆t(fn − c2

0Kpn). (7)

Here, n and ∆t respectively represent the time step and the time interval. Note that Eq. (7) is solvable explicitly
with a lumped dissipation matrix C. Furthermore, the first-order ODEs based TD-FEM achieves fourth-order
accuracy in both space and time using MIR for an idealized condition [4, 5].

2.2 Time-domain FE modeling of PM absorber
In this study, a limp membrane with the surface density M and the flow resistance R is assumed. Figure 1
shows FE model of PM, where Ωe,f, Γe,M, Γe,Ma and Γe,Mb respectively represent the air element, the PM
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Figure 1. FE model of PM.

Figure 2. The algorithm of locally-implicit time marching scheme for acoustics simulation including PM sound
absorbers.

element and the boundary surfaces of both sides of PM. The sound pressure of two sides of PM is represented
by pa and pb. vf and vm are the particle velocity near and inside PM, and the vibration velocity of PM. The
equation of motion for limp PM is given by

Mv̇m = pa − pb, (8)

The air permeability of PM is expressed by the flow resistance, which is defined as

R =
pa − pb

vf − vm
. (9)

Using Eqs (8), (9), a PM can be modeled by imposing the following vibration boundary conditions on both
boundary surfaces Γe,Ma and Γe,Mb.

∂ p
∂n

=

{
−ρ0v̇f on Γe,Ma
ρ0v̇f on Γe,Mb.

(10)
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Table 1. Three types of PMs (PM A, PM B and PM C) with the different surface density M and the flow
resistance R.

Type M, kg/m2 R, Pa s/m3

A 0.065 196
B 0.120 462
C 0.495 1087

Figure 3. An analyzed impedance tube model with a single-leaf PM absorber.

By considering the above vibration boundary condition, the second equation in the time marching scheme of
first-order ODEs based TD-FEM (Eq. (7)) is rewritten as

[D+∆tc0(C+
ρ0c0

R
S)]vn = Dvn−1 +∆t[fn − c2

0(K+
ρ0

M
S)pn]. (11)

Here, the global matrix S denotes the contribution of PM. Because S cannot be lumped, it engenders non-
diagonal components to the coefficient matrix. Therefore, Eq. (11) becomes implicit and must be solved at each
time step using linear equation solvers. The CG solver with diagonal scaling preconditioning is used for the
solution. The convergence tolerance is set to 10−6.

3 LOCALLY-IMPLICIT SCHEME
When addressing PM sound absorbers, the first-order ODEs based TD-FEM becomes an implicit method as
presented in 2.2. However, the coefficient matrix of Eq. (11) has non-diagonal components only in the rows
corresponding to nodes on surfaces of PM. Therefore, the linear equations of Eq. (11) can be solved by local
application of iterative methods to PM part. Then, air domains are calculated using Eq. (7), explicitly. Figure 2
shows the algorithm of locally-implicit time marching scheme.
Regarding the reduction of computational costs by locally-implicit scheme, a total number of sparse matrix-
vector products (NSMVP), which is the main operation of TD-FEM, for fully implicit scheme is defined by

NSMVP, full = Nstep ×2+Niter, (12)

where Nstep and Niter respectively represent the total number of time steps and the total number of iterations.
Here, the fully implicit scheme means that Eq. (11) is used in both PM part and air domains. The first term of
Eq. (12) means NSMVP for Mv in Eq. (6) and (K+ ρ0

M S)p in Eq. (11). The second term expresses NSMVP for
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Table 2. Calculation conditions of two meshes

Mesh h, m ∆t, s rDOF
1 0.005 1/131000 0.014
2 0.05 1/10400 0.143

Figure 4. Comparisons of waveforms for PM C between the fully implicit scheme and locally-implicit scheme
in the case with (a) Mesh 1 and (b) Mesh 2

iterative operations in CG method. On the other hand, NSMVP of the locally-implicit scheme is expressed as

NSMVP, local = Nstep ×2+ rDOF ×Niter, (13)

with
rDOF =

NPM

NAll
. (14)

Here, NPM and NAll denote a number of nodes on the PM and all nodes, respectively. In Eq. (13), NSMVP
for Mv of Eq. (6) and Kp of Eq. (7) are represented as the first term. The second term means that NSMVP
for iterative operations in CG method can be reduced to rDOF times that of the fully implicit scheme. The
locally-implicit scheme can reduce NSMVP significantly, because NPM is generally much lower than NAll.

4 NUMERICAL EXPERIMENTS
The validity and numerical efficiency of the locally-implicit scheme were investigated using an impedance tube
model and a real sized meeting room model [6]. As listed in Table 1, three types of PMs, each with different
M and R, were used in the two models. The most classical single-leaf PM absorber consisting of PM and
rigid-backed air cavity was considered. To verify the proposed scheme, waveforms calculated using the fully
implicit scheme and locally-implicit scheme were compared. Moreover, the efficiency was evaluated using the
following measure rNSMVP.

rNSMVP =
NSMVP, local

NSMVP, full
. (15)
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Table 3. rNSMVP for PM A∼C in the cases using Mesh 1 and Mesh 2.

PM A PM B PM C
Mesh 1 41.0 42.7 41.6
Mesh 2 35.8 37.5 41.1

Figure 5. A plane at 1.2 m height of the meeting room on which a source point S and receiving point R are
located.

4.1 Impedance tube model
Figure 3 shows an impedance tube model with a single-leaf PM absorber of 0.2 m air cavity depth. A source
was located on the tube inlet. A receiving point was placed at 0.05 m in front of PM. A modulated Gaussian
pulse with the upper limit frequency of 1500 Hz was used as a sound source. As for boundary conditions, the
tube inlet is absorbing boundary with the characteristic impedance of air and other boundaries are treated as
rigid walls. Waveforms up to 0.1 s were calculated using two FE meshes (Mesh 1 and Mesh 2) with different
spatial resolution. Table 2 lists the mesh size h, ∆t and rDOF for Mesh 1 and Mesh 2.
Figure 4 shows comparisons of waveforms for PM C between fully implicit and locally-implicit schemes in the
cases using Mesh 1 and Mesh 2. In both meshes, the waveforms between both schemes agree well each other.
Similar results were obtained in other cases. Table 3 shows rNSMVPs for the cases using Mesh 1 and Mesh 2.
Using the locally-implicit scheme reduces NSMVP to 35.8 ∼ 42.7% of those in the fully implicit scheme.

4.2 Meeting room model
Rectangular meeting room (8.55 m in length, 3.55 m in width, and 3.0 m height) with PM ceiling absorber
was analyzed as a demonstration of practical case. A single-leaf PM absorber with air cavity of 0.1 m was
installed on the ceiling. A point source S and a receiver R were located on a plane of 1.2 m height, as shown
in Fig. 5. 1/3 octave band-limited impulse responses were calculated at 500 Hz and 1 kHz with a source signal
of impulse response of IIR filter. Regarding boundary conditions, a real-valued equivalent impedance ze = 126.3
was given to the walls and the floor. The impedance value corresponds to a statistical absorption coefficient
0.059. The FE mesh used here is created to satisfy a spatial resolution of 6.1 elements per wavelength at the
upper-limit frequency of 1 kHz 1/3 octave band. In the analysis, rDOF equals to 0.031, which can expect the
significant benefit of locally-implicit scheme. Impulse responses were calculated up to 2.0 s with ∆t = 1/10400
s.
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Figure 6. Comparisons of waveforms between the fully implicit scheme and locally implicit scheme at (a) 500
Hz and (b) 1 kHz in the case using PM C.

Table 4. rNSMVP for PM A∼C at 500 Hz and 1000 Hz.

PM A PM B PM C
500 Hz 21.5 25.6 32.5
1000 Hz 21.0 24.9 31.2

Figure 6 shows comparisons of waveforms in the case using PM C between both schemes up to 0.03 s, includ-
ing reflections from the ceiling absorber. The waveforms calculated using the locally-implicit scheme agree well
with those using the fully implicit scheme. As shown in Table 4, the locally-implicit scheme is 3.08 ∼ 4.76
times faster than the fully implicit scheme, which indicates clearly the effectiveness of locally-implicit scheme.

CONCLUSION
The presented paper proposed the locally-implicit TD-FEM based on first-order ODEs for room acoustics simu-
lation including PM absorbers. Numerical experiments demonstrated the efficiency of present scheme over fully
implicit scheme without reducing accuracy.
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Abstract
Accurate modeling of boundary conditions is an important aspect in room acoustic simulations. It has been
shown that the acoustics of rooms is not only dependent on the frequency characteristic of the complex bound-
ary impedance, but also on the angle dependent properties of the impedance (“extended reaction”). This pa-
per presents a computationally efficient method for modeling local-reaction (LR) and extended-reaction (ER)
boundary conditions in high-order, nodal, time-domain finite element methods, such as the spectral element
method (SEM) or the discontinuous Galerkin finite element method (DGFEM). The frequency and angle depen-
dent boundary impedance is mapped to a multipole model and formulated in differential form. The solution of
the boundary differential equations comes with minimal computational cost. In the ER model, wave splitting is
applied at the boundary to separate the incident and reflected parts of the sound field. The directional properties
of the incident sound field are determined from the incident particle velocity and the boundary conditions are
adjusted continuously according to the wave angle of incidence. The accuracy of the boundary condition model
is assessed by comparing simulations against measurements, where a significantly improved match between
simulations and measurements is found when the ER model is used.
Keywords: Wave-based room acoustic simulations, sound absorption, extended-reaction, high-order nu-
merical methods

1 INTRODUCTION
Methods for simulating the acoustics of rooms are generally divided into two categories; the geometrical acous-
tics methods (e.g. ray tracing and the image source method) and the wave-based methods (e.g. finite element
methods, boundary element methods and finite difference methods) [1]. In geometrical acoustics, several simpli-
fying assumptions regarding sound propagation and sound reflection are made, which reduces the computational
complexity, however, at the cost of limited accuracy, particularly in rooms where wave phenomena such as
diffraction and interference are prominent [2, 3, 4]. In the wave-based methods, the governing physics equa-
tions that describe wave motion in an enclosure are solved numerically. These methods are therefore, from a
physical point of view, more accurate because they inherently account for all wave phenomena. The drawback
is that wave-based methods are computationally much more demanding than the geometrical methods.
Recently, the interest in using high-order wave-based methods for room acoustic simulations has increased
[5, 6, 7]. These methods are known to be computationally cost-efficient, especially when simulating large
domains over long simulation times with high accuracy [8]. This is because the high-order spatio-temporal dis-
cretization leads to very small dispersion and dissipation errors, which, in turn, allows for the usage of coarser
meshing, which reduces the computational load. These methods are therefore appealing for wave-based room
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acoustic simulations, where, indeed, large domains, long simulation times and stringent accuracy requirements
are common [9]. In particular, high-order, nodal, time-domain finite element methods, such as the spectral
element method or the discontinuous Galerkin finite element method, have been shown to be particularly well-
suited for room acoustic simulations when high accuracy and cost-efficiency are of concern [5, 6]. These
methods easily handle complex geometries and they are accurate and cost-efficient due to the high-order dis-
cretization. In addition, they are well-suited for massively parallel computations.
The quality of a room acoustic simulation will always be highly dependent on the quality of the boundary
conditions [10]. Even when using a highly accurate wave-based simulator, if provided with inaccurate boundary
conditions, the simulation will not accurately capture the acoustics of the room in question. At present, there is
a shortage of methods for incorporating complex, non-locally reacting (i.e. angle dependent) boundary conditions
into wave-based schemes. This is problematic, because certain common boundary materials and boundary build-
ups have acoustic properties which are not adequately modeled when using the LR assumption, e.g., porous
materials backed with an air cavity and multilayer build-ups [11, 12]. This renders the boundary conditions
somewhat of an Achilles heel in wave-based simulations [13]. Hodgson et al. demonstrated that significant
differences are found in simulated room acoustics when applying either LR or ER boundary conditions in
a beam-tracing simulation [14, 15]. Other studies have shown that improved results are seen in wave-based
simulations when random incidence surface impedance is used instead of normal incidence surface impedance,
indicating that the LR assumption is not sufficient in some cases [13, 16].
The objective of this study is to develop a method for incorporating LR and ER boundary conditions into high-
order, nodal, time-domain finite element methods, without adding considerable computational load to the already
computationally intensive simulation. Firstly, a method for modeling LR frequency dependent impedance bound-
ary conditions is presented. In this method, the boundary impedance is mapped to a multipole rational function,
and then formulated in differential form. This allows for a convenient incorporation of the boundary condi-
tions into the numerical scheme. The accuracy of the LR boundary condition model is assessed by comparing
simulations against analytic solutions. Secondly, an approximate method for modeling ER impedance boundary
conditions is presented. This method builds upon and extends the LR method. Here, the impedance properties
of the boundary are adjusted continuously during the simulation, as a function of the incident wave field angle.
The accuracy of the ER boundary model is analyzed by comparisons against measurements.

2 GOVERNING EQUATIONS AND BOUNDARY CONDITIONS
The following system of partial differential equations (PDE) describes sound wave propagation in a lossless
medium in an enclosure

vt =−
1
ρ

∇p, in Ω× [0, t],

pt =−ρc2
∇ ·v,

(1)

where p(x, t) is the sound pressure, v(x, t) is the particle velocity, x is the position in space of the domain Ω,
t is time, ρ is the density of the medium and c is the speed of sound in air (ρ = 1.2kg/m3 and c = 343m/s
in this study). This PDE system must be supplied with sufficient boundary conditions, and in room acoustics
it is natural to define the boundary conditions in terms of a complex, frequency and angle dependent surface
impedance Z, which can be estimated from material models or measurements [17, 18]. The surface impedance
is related to the pressure and the particle velocity at the boundary via

v̂n(ω) =
p̂(ω)

Z(θi,ω)
= p̂(ω)Y (θi,ω), (2)

where ω is the angular frequency, θi is incident wave angle, p̂ and v̂n = v̂ ·n are the Fourier transforms of the
pressure and particle velocity at the boundary, respectively, n is the surface normal unit vector and Y is the
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boundary admittance, which is convenient to use when implementing frequency dependent boundary conditions
into Eq. (1).
When using the LR assumption, the impedance does not vary with angle, but instead, is always taken as the
normal incidence impedance Z(θi,ω) = Z(0,ω). The sound absorption characteristic of the boundary surface
thus becomes [11]

α
l(θi,ω) = 1−

∣∣∣∣∣Z(0,ω)−ρc/cosθi

Z(0,ω)+ρc/cosθi

∣∣∣∣∣
2

. (3)

Note that the absorption characteristic varies with the incidence angle, even though the surface impedance is
fixed for all directions of incidence.
When using the ER model, the absorption characteristic of the boundary surface is given by

α
e(θi,ω) = 1−

∣∣∣∣∣Z(θi,ω)−ρc/cosθi

Z(θi,ω)+ρc/cosθi

∣∣∣∣∣
2

. (4)

In order to model this behavior in a wave-based room acoustic simulation, information on the sound field
incidence angle θi is needed, which is then used to select the appropriate impedance function Z(θi,ω).

3 WAVE-BASED SCHEME
This section briefly outlines the high-order wave-based scheme, which is used in conjunction with the proposed
boundary models in this study. For further details on the scheme see Ref. [5]. The scheme relies on a spectral
element method spatial discretization and an implicit-explicit Runge-Kutta temporal discretization. The spatial
domain Ω is divided into a mesh of non-overlapping elements and a set of nodes is mapped into each element.
Using a method of lines discretization, the following global semi-discrete system is found

Mv′x =−
1
ρ

Sx p, Mv′y =−
1
ρ

Sy p, Mv′z =−
1
ρ

Sz p,

Mp′ = ρc2 (ST
x vx +ST

y vy +ST
z vz− vnB

)
,

(5)

where M is a sparse global mass matrix, S is a sparse global stiffness matrix, vx,vy,vz are the x,y,z components
of the particle velocity, p is the pressure and vn is the normal velocity at the boundary nodes and B is a vector
containing the boundary contribution.
Each element of the mesh is mapped to a standard element I 3 =

{
−1≤ (r,s, t)≤ 1

}
. On the standard element,

a modal basis of Jacobi polynomials is defined. By exploiting a possible nodal/modal duality, the local, nodal
mass and stiffness matrices for all elements on the mesh are determined without resorting to quadrature rules.
The global matrix operators in Eq. (5) are assembled by summing over the local mass and stiffness matrices.
The semi-discrete system is then integrated in time by the Runge-Kutta time stepping method.

4 LOCAL-REACTION BOUNDARY MODEL
The boundary admittance Y in Eq. (2) can be approximated as a rational function on the following form

Y (θi,ω) =Y∞ +
Q

∑
k=1

Ak

λk− jω
+

S

∑
k=1

(
Bk + jCk

αk + jβk− jω
+

Bk− jCk

αk− jβk− jω

)
, (6)

where Q is the number of real poles λk and S is the number of complex conjugate pole pairs αk± jβk, used
in the rational function approximation. Y∞,Ak,Bk,Ck are numerical coefficients. Any number of poles can be
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Figure 1. Simulated complex pressure response of a spherical wave single reflection from a locally reacting,
frequency dependent impedance boundary, compared with the analytic solution.

chosen, one strategy being to choose enough poles such that the error in the multipole approximation of the
boundary admittance is below a predefined threshold. For the LR model, only the Y (0,ω) is used. Using an
inverse Fourier transform on Eqs. (2) and (6) yields the following expression for the velocity at the boundary

vn(t) =Y∞ p(t)+
Q

∑
k=1

Akφk(t)+
S

∑
k=1

2
[
Bkψ

(1)
k (t)+Ckψ

(2)
k (t)

]
, (7)

where φk, ψ
(1)
k and ψ

(2)
k are so-called accumulators, which are determined by the following set of ODE’s

dφk

dt
+λkφk(t) = p(t),

dψ
(1)
k

dt
+αkψ

(1)
k (t)+βkψ

(2)
k (t) = p(t),

dψ
(2)
k

dt
+αkψ

(2)
k (t)−βkψ

(1)
k (t) = 0. (8)

This approach is often called the auxiliary differential equations (ADE) method in the literature [19], and has the
benefit of being computationally efficient, because solving a small set of linear ODE’s requires only relatively
minor computations. Furthermore, this approach has low memory requirements because only one time step
history of accumulator values must be stored. The boundary ADE’s can become stiff, which is the reason
why an implicit-explicit time stepping method is preferred, such that the main semi-discrete system (Eq. (5)) is
integrated explicitly in time, whereas the ADE’s are integrated implicitly in time and thus having no implications
on the stability of the numerical scheme.
In order to assess the accuracy of the proposed model for LR frequency dependent impedance boundary con-
ditions, a single reflection of a normal incidence spherical wave is simulated and compared against an an-
alytic solution [20]. The wave reflection is studied under two different boundary conditions. In both cases
the boundary is modeled as a porous material mounted on a rigid backing and having a flow resistivity of
σmat = 10000 Nsm−4, but having a thickness of either dmat = 0.02 m or dmat = 0.05 m. The normal incidence
surface impedance of these materials are estimated using Miki’s model [17] and mapped to a six pole rational
function using a vector fitting algorithm [21]. The source is located 2 m from the impedance boundary and the
receiver is located 1 m from the boundary, at the midpoint between the source and the boundary. A basis order
of P = 4 is used and a high spatial resolution is employed, roughly 14 points per wavelength (PPW) at 1 kHz,
ensuring minimal numerical errors in the frequency range of interest. The initial condition is a Gaussian pulse
with spatial variance σ = 0.2 m2. The resulting complex pressure is shown in the frequency domain in Fig. 1.
The simulated pressure matches the analytic solution perfectly, both in terms of amplitude and phase, for both
boundary conditions tested, thus confirming the high precision of the LR boundary model.

5 EXTENDED-REACTION BOUNDARY MODEL
The ER boundary model builds upon the LR model, and the implementation is, as such, local. No additional in-
teraction between boundary nodes and no coupling between the acoustic domain and other domains takes place,
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Figure 2. Setup for the wave splitting at the boundary. The black dots on the boundary denote the SEM mesh
nodes. For each boundary node, there is a corresponding set of finite difference nodes, denoted by the red
crosses, which lie along the boundary normal.

e.g., a poroelastic domain or a structural domain. The boundary admittance is again mapped to a multipole
rational function, however, this time the full range of Z(θi,ω),θi ∈ [0◦,90◦] is considered, with 1◦ resolution.
An angle detection procedure (described below) takes place at each time step of the simulation, in which the in-
cident wave field angle θi is detected at each mesh node at the boundary. A corresponding admittance function
is chosen to represent the boundary condition at that time step. It is convenient to restrict the rational functions
to have the same poles in the multipole mapping for all considered angles. This way, the same set of ADE
equations (Eq. (8)) is always solved in each time step, only the numerical coefficients Y∞,Ak,Bk,Ck in Eq. (7)
vary from one time step to the next, as the incidence angle θi varies. By using vector fitting, it is possible to
map a set of admittance functions to rational functions with identical poles but varying coefficients [21].

5.1 Angle detection
By computing the angle between the particle velocity vector v of an undisturbed propagating sound field, rel-
ative to a normal vector n, one can detect the propagation direction of the sound field via θi = arccos(|(v ·
n)/(|v||n|)|). However, a challenge arises at the boundary, where the sound field is a mixture of the incident
field and the reflected field, which have different directions of propagation. This means that no meaningful
propagation direction can be determined at the boundary using this approach.
In this study, a novel method for separating the incident and reflected sound field at the boundary is proposed,
based on one dimensional wave splitting along the boundary normal. The angle computation can then be carried
out using only the incident particle velocity vector vi. The sound field along the boundary normal is assumed
to have an incident traveling wave ui and a reflected traveling wave ur, so u(s, t) = ui(s− ct)+ur(s+ ct). Here,
u can represent p,vx,vy or vz and s is the 1D spatial dimension along the boundary normal. The following set
of ODE’s define the incident and the reflected wave along the boundary normal [22]

∂ui

∂ t
=

1
2

(
∂u
∂ t

+ c
∂u
∂ s

)
,

∂ur

∂ t
=

1
2

(
∂u
∂ t
− c

∂u
∂ s

)
. (9)

The ODE’s for the incident particle velocity components are solved numerically using a Crank-Nicolson scheme,
where the derivatives on the right hand side of the ODE are replaced with centered finite differences. Figure 2
shows a sketch of the setup.
Figure 3 shows an example of simulation where the proposed wave splitting approach is used to separate the
incident and reflected parts of a sound field. Here, a spherical wave impinges on a flat boundary with an
incidence angle of θi = 37.6◦ at the observation point. The boundary is frequency and angle independent, with
an absorption coefficient of α = 0.5. Note how the sign changes for vx. Note also the decreased amplitude of
the reflected wave, relative to the incident wave.
The underlying assumption when using 1D wave splitting along the boundary normal is that the incident and
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Figure 3. Wave splitting at a boundary of a 3D domain. The figure shows the pressure and the x com-
ponent of the particle velocity at a particular position at the boundary. The domain is a rectangular 3D
room (Lx,Ly,Lz) = (3,10,5) m. The source is located at (sx,sy,sz) = (1,2,2) m and the receiver is located
at (rx,ry,rz) = (0,2.577,2.5) m. The elevation angle between source and boundary position is θi = 37.6◦.

reflected waves are travelling along the normal. This obviously only holds true for the normal incidence case.
It can therefore be expected that the accuracy of the wave splitting and, thus, the resulting angle detection,
will be degraded as the incidence angle increases (approaches grazing incidence). Figure 4 shows an example
of the output of the angle detection procedure for different incidence angles. Indeed, the error is smallest for
the smallest incidence angle, and increases with increasing angle. There are also spikes present in the angle
detection output. This occurs when the magnitude of the incident particle velocity vector is very close to zero,
then the output of the arccos is essentially stochastic. This is not a major concern, since the pressure and
velocity are anyway close to zero when this happens. Nevertheless, it might be worth investigating whether
some constraint strategy can be used for reducing the jump in angle at the zero crossing.

5.2 Comparison against measurements
In order to assess the accuracy of the ER model, a comparison between simulations and measurements is
presented. The scenario is a single reflection of a spherical wave from a 5 cm porous absorber backed with a
15 cm air cavity. This material configuration is known to have ER behavior. The measurements were undertaken
in an anechoic chamber, for further details on the measurement see Ref. [12]. The simulation is carried out in
a large 3D domain and the resulting response is windowed in time, such that parasitic reflections are removed.
A basis order of P = 4 is used and a high spatial resolution is employed in the simulation, roughly 14 PPW at
1 kHz. The initial condition is a Gaussian pulse with spatial variance σ = 0.2 m2. The admittance functions
are mapped to rational functions who all have the same set of 14 poles, but varying numerical coefficients.
The resulting transfer functions can be seen in Fig. 5. For the small incidence angle case, there is very little
difference between the LR and the ER model, as expected. However, as the angle increases, the difference
between the two models increases as well. Clearly, the ER model matches the measured transfer functions
better than the LR model.

6 CONCLUSION
This paper presented methods for incorporating LR and ER boundary conditions into high-order, nodal, time-
domain finite element wave-based schemes. The proposed boundary models require only minor additional com-
putations, relative to the wave propagation simulation itself. An excellent agreement between the LR model and
analytic solutions is found, and for many boundary materials / build-ups, e.g. porous materials on rigid backings
and rigid or close-to-rigid boundaries, using this model for the boundary conditions is perfectly acceptable. For
more complex boundary conditions, e.g., porous materials with an air cavity or multilayer build-ups, ER models
are required. A good agreement between measurements and simulations using the ER model is found for the
case of a porous absorber backed with an air cavity, indicating a clear outperformance by the ER model.
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(a) θ = 14.2◦ (b) θ = 37.6◦

(c) θ = 54.9◦ (d) θ = 75.6◦

Figure 4. Angle detection example. The solid blue line is the output of the angle detection (left y axis) and
the dotted red line is the incident pressure at the boundary position (right y axis). The true incidence angle is
shown as the dashed horizonal line. The boundary condition is angle and frequency independent with α = 0.5.

(a) 12◦ incidence angle.

(b) 55◦ incidence angle.

(c) 68◦ incidence angle.

Figure 5. Simulated and measured transfer functions for a spherical wave single reflection from a 5 cm porous
material backed with a 15 cm air cavity.
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Abstract
The time-domain nodal discontinuous Galerkin method is emerging as a potential wave-based method for
three-dimensional (3D) room acoustics modeling, where high-order accuracy, geometrical flexibility and ac-
curate modeling of boundary conditions are of critical importance. In this work, an accurate and efficient
formulation of broadband time-domain impedance boundary conditions of locally-reacting surfaces is pro-
posed in the framework of the TD-DG method. The formulation of the time-domain boundary condition is
based on the plane-wave reflection coefficient at normal incidence and its approximation in the frequency do-
main using a sum of rational fractions, which can be obtained from analytical models or measured impedance
values. To verify the performance of the formulation, a single reflection scenario is considered. The reflection
coefficient obtained from the numerical tests is compared with the analytical one based on a locally reacting
surface impedance with a typical impedance model of a rigid frame porous material for room acoustic uses.
It is demonstrated that both the amplitude and the phase of the reflection behavior are accurately predicted.

Keywords: Room acoustics modeling, time-domain impedance boundary condition, Discontinuous Galerkin
method

1 INTRODUCTION
In general, room acoustic modeling techniques can be divided into two categories, namely geometrical acous-

tics methods and the wave-based methods. Wave-based methods in the time-domain are becoming more and

more widely used for design purposes (17). Recently, the time-domain discontinuous Galerkin (DG) method

has for the first time been evaluated as a potential wave-based method for room acoustics modeling pur-

poses (19). Its high-order accuracy and the ability to handle complex boundary geometries are demonstrated

through verifications by analytical solutions and validation against measurement results of a real room.

This paper focuses on the numerical implementation of a generic broadband time-domain impedance bound-

ary condition within the DG framework. A novel numerical flux formulation along the impedance boundary

surface is derived based on the plane wave reflection coefficient and the characteristic acoustic waves. Com-

pared to the conventional approach that uses the impedance value, this formulation allows a fully-discrete

CFL stability condition that is independent of the frequency-independent impedance value. The extension of

previous frequency-independent impedance boundary formulation to the frequency-dependent one is achieved

through the multi-pole representation of the reflection coefficient in the frequency domain, which consists of

a sum of first order systems (real poles) or second order systems (complex conjugated poles) (7, 13). The

parameter fitting for a general impedance model or data is achieved by solving an optimization problem.

Combined with the auxiliary differential equations (ADE) method, the whole formulation can be performed

in a low-storage and high-order accuracy manner. To validate this formulation, numerical simulations of a

single reflection scenario are performed. Both the amplitude and the phase error from the reflection, which

are important for room acoustics modeling featuring multiple reflections, are investigated and quantified for

the spherical wave reflection in a 3-D case with respect to different points per wavelength. Application to a

typical impedance model of a rigid frame porous material for room acoustic uses is used to demonstrate the

feasibility of the proposed approach.
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The paper is organized as follows. The novel formulations of impedance boundary conditions within the

time-domain DG method are presented in Sec. 2. Sec. 3 quantifies and discusses the accuracy of the im-

plemented formulation by comparison with the analytical solutions. Finally, conclusions and outlook can be

found in Sec. 4.

2 TIME-DOMAIN IMPEDANCE BOUNDARY CONDITIONS IN DG
2.1 Governing equations and time-domain DG method
In this work, the governing equations are the linear acoustic equations for a motionless propagation medium

∂v
∂ t

+
1

ρ
∇p = 0,

∂ p
∂ t

+ρc2∇ · v = 0, (1)

where v = [u,v,w]T is the particle velocity vector, p is the sound pressure, ρ is the constant density of air

and c is the constant speed of sound. Equivalently, Eqs. (1) read

∂q
∂ t

+∇ ·F(q) =
∂q
∂ t

+A j
∂q
∂x j

= 0, (2)

where q(x, t) = [u,v,w, p]T is the acoustic variable vector and A j is the constant flux Jacobian matrix with

coordinate index j ∈ [x,y,z]. The physical domain is divided into K non-overlapping elements of a certain

type, e.g. tethrahedra. The local numerical solution qk
h(x, t) in element Dk is given by

qk
h(x, t) =

Np

∑
i=1

qk
h(x

k
i , t)l

k
i (x), (3)

where qk
h(x

k
i , t) are the unknown nodal values and lk

i (x
k
i ) is the multi-dimensional Lagrange polynomial basis

of order N, which satisfies lk
i (x

k
j) = δi j. Np is the number of local basis functions (or nodes) inside a single

element and equal to (N+d)!/(N!d!) for simplex elements, where d is the dimensionality. The semi-discrete

nodal DG formulation of Eq. (2) reads:

∫
Dk

(
∂qk

h
∂ t

+∇ ·Fk
h(q

k
h)

)
lk
i dx =

∫
∂Dk

n ·
(

Fk
h(q

k
h)−F∗

)
lk
i dx, (4)

where n = [nx,ny,nz] is the outward normal vector of the element surface ∂Dk. F∗, the so-called numerical

flux across element intersection ∂Dk, is a function of both the solution value from the interior side of the

intersection, i.e., q−h and the exterior value q+h . In this study, the upwind numerical flux is used throughout

the whole domain because of its low dispersive and dissipation error (1,11). It is defined by considering the

direction of the characteristic speed, i.e.,

n ·F∗(q−h ,q
+
h ) = L(Λ+L−1q−h +Λ−L−1q+h ), (5)

where Λ is a diagonal matrix with diganoal entries [0,0,c,−c]. Λ+ and Λ− contain the positive and negative

entries of Λ respectively. L is the eigenmatrix of the normally projected flux Jacobian, i.e.,

An = (nxAx +nyAy +nzAz)

= LΛL−1. (6)

Physically, Λ+ (Λ− respectively) corresponds to the characteristic waves propagating along (opposite to re-

spectively) the outward normal direction n, which are referred to as outgoing waves out of Dk (incoming
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waves into Dk respectively). Therefore, the outgoing waves are associated with the interior solution q−h
whereas the incoming waves are dependent on the exterior (neighboring) solution q+h . After the spatial dis-

cretization by the nodal DG method, the semi-discrete system can be time-integrated using low-storage ex-

plicit Runge-Kutta (RK) schemes (3, 18). More detailed descriptions of the time-domain nodal discontinuous

Galerkin method for the linear acoustic equations are available in Ref. (19) and in-depth discussions of the

DG method can be found in Ref. (9).

2.2 Numerical flux formulation of TDIBC
The essential idea of the impedance boundary condition formulation is to reformulate the numerical flux

normal to the impedance boundary surface based on the characteristic waves of the linear acoustic equations

and the reflection coefficient R. The incoming and outgoing characteristic acoustic waves, which are denoted

as ϖ in
n and ϖout

n , and oriented in the opposite and the same direction of the outward normal n along the

boundary surface respectively, are defined as

ϖ in
n (ω) =

p(ω)

ρc
− vn(ω) (7)

ϖout
n (ω) =

p(ω)

ρc
+ vn(ω). (8)

The plane wave reflection coefficient R(ω) at normal incidence angle satisfies (14)

R(ω) =
Zs(ω)−1

Zs(ω)+1
. (9)

By the definition of the normalized surface impedance Zs, i.e., Zs(ω) = p(ω)/(vn(ω)ρc) and Eq. (9), the

following condition concerning the reflection coefficient and characteristic waves is yielded

R(ω) =
ϖ in

n (ω)

ϖout
n (ω)

. (10)

The time-domain implementation of the impedance boundary condition is realized by coupling the above

condition Eq. (10) with the DG discretization through the reformulation of the upwind flux near the bound-

aries. The use of the plane wave reflection coefficient at normal incidence is consistent with the fact that

the numerical flux from the nodal DG scheme is always normal to the boundary surface. The frequency-

dependency of the impedance model is introduced through the use of the multi-pole approximation of the

plane wave reflection coefficient. The whole TDIBC formulation consists of three steps. The first step is to

transform the impedance values Zs(ω), which can be obtained from either a continuous impedance model or

from measured discrete impedance values within the interested frequency range, to the corresponding normal

reflection coefficient R(ω) using Eq. (9). Secondly, the target reflection coefficient R(ω) is approximated

with a sum of rational functions (6)

R(ω) ≈ R∞ +
S

∑
k=1

Ak

ζk + iω
+

T

∑
l=1

1

2

( Bl − iCl

αl − iβl + iω
+

Bl + iCl

αl + iβl + iω

)

where [R∞,Ak,Bl ,Cl ,ζk,αl ,βl ] ∈ R are all real numerical parameters that fit the plane wave reflection coeffi-

cient for normal incident sound waves. To be more specific, R∞ is the limit value of R(ω) as the frequency

approaches infinity. ζk and αl ± iβl are the real poles and complex conjugate pole pairs respectively. To sat-

isfy the causality and reality condition, ζk,αl ,βl need to be positive, and the passivity condition is fulfilled

when |Rn(ω)| ≤ 1 (5). In this work, the convention of eiωt is used for the harmonic time variation.

In the time-domain, the so-called reflection impulse response function is written as

R(t)≈ R∞δ (t)+
S

∑
k=1

Ake−ζktH(t)+
T

∑
l=1

e−αl t
(
Blcos(βlt)+Clsin(βlt)

)
H(t), (11)
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where δ (t) and H(t) are the Dirac delta and Heaviside function respectively. As shown in Ref. (6), each term

in R(t) has a physical interpretation. The first term of Eq. (11) stands for the instantaneous response, since

R∞ is the frequency independent value or high-frequency limit of R(ω). The second term is a exponentially

decaying relaxation function, which mimics the absorption behavior of porous materials. The last group of

terms are the so-called damped multi-oscillators that can be linked to resonator-type absorbers, where the

imaginary part of the pole βl determines the oscillation period and the real part αl governs the decaying

rate.

The third and last step of the proposed TDIBC formulation in DG is to enforce the multi-pole impedance

model into the numerical flux along the impedance boundary surface. For this purpose, the time-domain

counterpart of the characteristic acoustic waves as defined in Eqs. (7,8) has to be obtained, by pre-multiplying

the acoustic variables q with the left eigenmatrix L−1, i.e.,

L−1q =

⎡
⎢⎢⎣

0

0

ϖout
n (t)

ϖ in
n (t)

⎤
⎥⎥⎦=

⎡
⎢⎢⎢⎣

0

0
p(t)
ρc + vn(t)
p(t)
ρc − vn(t)

⎤
⎥⎥⎥⎦ . (12)

It should be noted that the first two characteristic terms in the above equation (12) are numerically irrelevant

in the whole boundary formulation, since their characteristic speeds (the first two diagonal values in Λ) are

zero. Finally, the numerical flux formulation of the TDIBC is given as

n ·F∗(q−h ) = LΛ[0,0,ϖout
n (t),ϖ in

n (t)]T (13)

where ϖout
n (t) can be firstly calculated with the interior solution values at each of discrete nodes along the

boundary as

ϖout
n (t) =

p−(t)
ρc

+ v−n (t), (14)

and then based on the condition of Eq. (10), ϖ in
n (t) is obtained from the convolution of ϖout

n (t) with R(t) of

Eq. (11)

ϖ in
n (t) =

∫ t

−∞
ϖout

n (τ)R(t − τ)dτ. (15)

To compute the convolution Eq. (15) in a time efficient and low-storage manner, the auxiliary differential

equations (ADE) method, originally developed by Joseph et al. (12) for electromagnetic applications, is em-

ployed in this study. Firstly, substitution of the reflection impulse response R(t) given in Eq. (11) into Eq.

(15) yields

ϖ in
n (t) = R∞ϖout

n (t)+
S

∑
k=1

Akφk(t)+
T

∑
l=1

[Blψ1
l (t)+Clψ2

l (t)], (16)

where the new terms φk(t),ψ1
l (t),ψ

2
l (t), referred to as accumulators or auxiliary variables are calculated by

solving the the following first-order ordinary differential equations

∂φk

∂ t
+ζkφk(t) = ϖout

n (t), (17)

∂ψ1
l

∂ t
+αlψ1

l (t)+βlψ2
l (t) = ϖout

n (t), (18)

∂ψ2
l

∂ t
+αlψ2

l (t)−βlψ1
l (t) = 0. (19)

The above system is numerically integrated from zero initial values using the same time-integration scheme

as for the semi-discrete DG formulation Eq. (4). As shown by Dragna et al. (6), the ADE method has the

782



benefit of keeping the same order accuracy of a general multi-stage time integration scheme. Furthermore,

low memory space is needed since these accumulators only exist on the boundary nodes. In this work, a low-

storage explicit 5-stages Runge-Kutta developed by Carpenter and Kennedy (3), denoted as RK5 hereafter, is

used.

3 3D NUMERICAL TESTS
To verify the proposed formulation of the TDIBC and quantify both the dissipation and dispersion error,

a single reflection scenario is considered and the reflection coefficient obtained from the numerical tests is

compared with the analytical one. The experiment consists of two simulations, which are initiated with the

same Gaussian-shaped pressure conditions:

p(x, t = 0) = e
−ln2

b2 (x−xs)
2

, (20a)

v(x, t = 0) = 0, (20b)

with xs the source coordinates and b = 0.25 the half-bandwidth of this Gaussian pulse. To get the direct

sound, a cubic domain of size [−8,8]3 in meter is considered, where the Gaussian pressure pulse is centered

at xs = [0,0,0] m, and two receivers are placed at xr1 = [0,0,−1] m and xr2 = [0,4,−1] m. In the second

simulation, a plane reflecting surface is placed 2 m away from the source at z = −2 m. The simulation

is run for a non-dimensional time of t̄ = t · c = 11, t̄ = t/(lre f /c) = 11, to avoid the waves above a certain

frequency threshold value being reflected from the exterior boundaries of the whole domain. Structured

tetrahedra meshes are used for this study to avoid the mesh quality issue, which are generated with the

meshing software GMSH (8) . The whole cuboid domain is contained of structured cubes of the same size,

then each cube is split into 6 tetrahedra elements. The length of each cube is 0.5 m. The number of degrees

of freedom per wavelength lλ (DPW) is used to give a practical indication of the computational overhead

of the DG method, which is computed as DPW = lλ
(

Np ·K/V
)1/d

, where Np ·K is the number of degrees

of freedom for a single physical variable in the computational domain and V is the volume of the whole

domain. The time steps are determined in the following way:

Δt =CCFL ·min(Δxl) · 1

c
· 1

N2
, (21)

where Δxl is the edge length of the tetrahedra elements of mesh. Simulations with a polynomial basis of

order N = 7 and CCFL = 0.5 are performed, with the corresponding DPW=10.2 for the frequency of 600 Hz.

In the first simulation, the direct sound signal, denoted as pd(t), is recorded. In the second simulation, a

reflecting surface is present and the measured sound pressure signals contains both the direct sound and the

sound reflected from the impedance surface. The reflected sound signal pr(t) can be obtained by subtracting

pd(t). The spectra of the direct sound and the reflected sound, denoted as Pd( f ) and Pr( f ) respectively, are

obtained by Fourier transforming pd and pr without windowing. Let R1 denote the distance between the

source and the receiver and R2 is the distance between the receiver and the image source mirrored by the

reflecting impedance surface. The numerical spherical wave reflection coefficient Rnum is then calculated as

follows:

Rnum( f ) =
Pr( f ) ·G(kR1)

Pd( f ) ·G(kR2)
, (22)

where G(kR) is the 3-D Green’s function for free field propagation and k is the wavenumber. The dissipation

error εamp in dB and the phase error εϑ in % from a single reflection are calculated as follows

εamp( f ) = 20log10

∣∣∣∣ Rana( f )
Rnum( f )

∣∣∣∣ , (23a)

εϑ ( f ) =
1

π
∣∣ϑ(

Rana( f )
)−ϑ

(
Rnum( f )

)∣∣×100%, (23b)
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where ϑ
( ·) extracts the phase angle of a complex number and Rana is the analytical spherical wave reflection

coefficient that can be found in Ref. (4). Therefore, for a given broadband incident acoustic wave of arbitrary

amplitude, the loss of SPL and the distortion of the phase across the frequency range of interest can be

quantified.

For the surface material, we consider acoustic baffles that can be modelled by the Johnson-Champoux-Allard-

Lafarge (JCAL) model (15) , which is a phenomenological model considering wave propagations in porous

materials on a microscopic scale. The characteristic impedance Zc reads Zc =
√ρe f fκe f f where ρe f f is the

effective density and κe f f is the effective bulk modulus. The baffles with thickness d can be backed by a

rigid layer, then the surface impedance becomes

Z =−iZc cot(ke f f d), (24)

where the wavenumber of the porous material is given as ke f f = ω
√

ρe f f /κe f f . In this study, one particular

set of physical parameters and their values for a typical glass wool material measured from experiments (10)

is used.

In order to fit the multi-pole representation of the reflection coefficient R(ω), which is obtained from a

transformation of impedance Zs by Eq. (9), the optimization technique with the interior-point algorithm (2)

from the MATLAB optimization toolbox (16) is used. For the JCAL model considered, it is sufficient to

use real poles alone since the absorption coefficient increases monotonously with the frequency. The fitted

reflection coefficient is plotted in Fig. 1.

Now, the numerical reflection coefficients are verified directly against the analytical one governed by the
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Figure 1. Multi-pole fitting of real and imaginary part of the normal incidence reflection coefficient of a

rigidly-backed layer represented by the JCAL model in the frequency range 20-1000 Hz.

JCAL model as prescribed in Eq. (24). The dissipation error εamp in dB, the phase error εϑ in % and

the amplitude of both the analytical and numerical spherical wave reflection coefficient are shown in Fig.

2 for both the normal incidence (θ = 0◦) and the oblique incidence (θ = 53◦) cases. It can be seen that

the numerical reflection coefficient matches the analytical one in terms of both the magnitude and the phase

angle. It should be mentioned that the error under the oblique incidence case is larger than the one under the

normal incidence. Numerical tests have found that these discrepancies can be partly attributed to the longer

travelling distance between the source and the receiver for the oblique incidence case, which introduces more

error from the propagation for both the direct and the reflected sound. Another source of error comes from

the multi-pole fitting of the plane wave reflection coefficient of the JCAL model, which does not strictly

decrease with increasing DPW.

4 CONCLUSIONS
In this work, a novel numerical formulation for the time-domain impedance boundary condition implementa-

tions in the framework of the time-domain DG method is developed for the simulation of broadband sound
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Figure 2. The dissipation error εamp, the phase error εϑ and the amplitude of the spherical wave reflection

coefficient from the multi-pole fit verified against the exact JCAL model.

propagation problems, specially targeting at the room acoustic applications. The essential idea is to model

the acoustic reflection behavior of a locally-reacting surface using the reflection coefficient R(ω) in the form

of a multi-pole model and then reformulate the corresponding time domain upwind flux. This work is an

extension of previous frequency-independent impedance boundary formulation to a generic broadband one. A

straightforward and effective parameter identification strategy is presented together with an example applica-

tion to a typical impedance model of a glass-wool baffle for room acoustic purposes.

To verify the performance of the formulation, the reflection coefficients obtained from numerical tests are

compared with the analytical ones. The three-dimensional tests demonstrate the capacity of the proposed

methodology. To sum up, the proposed method is quite straightforward in formulation, easy to implement

and therefore further strengthens the potential of the time-domain discontinuous Galerkin method as a wave-

based method for room acoustics modeling.
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Calculating the Speech Transmission Index in fluctuating noise:  

a data-driven approach in the short-term implementation 
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ABSTRACT 

Everyday communication takes place in the concurrent presence of reverberation and background noise; the 

latter may have a fluctuating character and a speech-like spectrum, being for instance the result of multiple 

speakers talking together in the background (i.e., babble noise). The objective characterization of these 

listening conditions can be achieved by using a time-frame implementation of the Speech Transmission 

Index (STI) in the indirect scheme, named eSTI. One prerequisite of using the method is that the optimal time 

frame has to be determined. In this study, an experimental approach was used to determine the optimal time 

frame, defined as the one that provides coincident psychometric curves under stationary and fluctuating 

background noises. Matrixed-word listening tests were presented to 79 young adults with normal hearing. 

The speech reception task was presented under 26 listening conditions, created by varying signal-to-noise 

ratio, reverberation and noise type. By comparing the psychometric curves for the two noises, an interval of 

suitable frame durations was identified, ranging between 200 and 345 ms. Using a time frame within this 

interval thus ensures that the same eSTI value corresponds to the same predicted intelligibility, irrespective of 

the noise type. 

 

Keywords: speech reception, fluctuating noise, speech transmission index 

1 INTRODUCTION 

Everyday listening takes place inside rooms with a longer or shorter reverberation, and often the 

noise background may have a fluctuating character, as happens for instance inside a public space with 

one or more unattended talkers. Evidence has shown that acoustical conditions that include a 

fluctuating noise masker yield improved speech intelligibility for normal hear ing subjects due to the 

so-called “fluctuating masker release”. Listeners are able to glimpse part of the signal when the masker 

is low, so that their performance improves compared to a stationary noise when both interferers are 

played at the same long–term root mean square (rms) level ((1),(2),(3),(4)). In order to objectively 

qualify speech intelligibility (SI) in the presence of a fluctuating masker, it is possible to extend the 

metrics based on the rms analysis of signal and masker. The basic idea is to follow the temporal 

fluctuations of both signal and noise by calculating their levels in consecutive time frames. 

Rheberghen and Versfeld (5) introduced this type of short-term analysis of sound levels to adapt the 

Speech Intelligibility Index SII (6) to modulated noises, and termed the resulting metric the Extended 

Speech Intelligibility Index (ESII). The maskers used for the validation in (5) were anechoic and 

included speech-like fluctuating noise, sinusoidally intensity-modulated speech and multi-talker noise. 

Later on, in order to achieve a better compliance with the SII, Rhebergen et al. (7) used shorter frames 

and added a forward masking calculation scheme. Finally, a validation of the ESII was pres ented that 

employed anechoic target signals masked by several types of maskers including anechoic speech and 

speech-like fluctuating noise, as well as real-life background sounds having unspecified 

environmental reverberation (8).  

The effect of reverberation is neglected in the ESII/SII models and, to overcome this limitation, 

George et al. (4) complemented the ESII metric with the usage of the Speech Transmission Index STI 

(9). This twofold procedure proved sufficiently accurate in many tested cases. 

Besides revising the SII concept, elaborations of the original STI indicator have also been explored 

to cope with noise fluctuations. A simple attempt in this direction was accomplished at first without the 

effect of reverberation (10) and was developed using speech–shaped stationary noise as the probe 
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signal in compliance with normative indications. Both signal and noise were cut into time frames 

whose duration was frequency-dependent and hence the SNR was calculated for each frame. This 

short-term “anechoic” STI returned results consistent with ESII under the same fluctuating 

background noises, thus including fluctuating speech-like noise maskers. A mandatory choice to 

employ the short-term STI was to resort to the indirect calculation scheme (9), where the estimate of 

the modulation losses due to reverberation is achieved by the modulation transfer function (MTF) of 

the impulse response, and the effect of SNR is added independently.  

Payton and Shrestha (11) firstly implemented a frame application of the STI (called eSTI 

henceforth) but the eSTI has received little attention in the past. Only recently it has been further 

investigated by van Schoonhoven et al. (12). The authors discussed the conditions under which an 

impulse response measured in a noisy setting can still be suitable for the eSTI approach.  

The present work investigates experimentally the application of eSTI to speech-spectrum maskers 

having both stationary and fluctuating envelopes in the presence of reverberation. To implement eSTI, 

the signal and the noise levels are calculated separately on a time-frame basis, while the effect of 

reverberation on the MTF is calculated from simulated noise-free impulse responses. As outlined in 

(11), a central issue to be clarified in the calculation scheme of eSTI is the appropriate duration of the 

time frame. This point is addressed in the present study and the existence of a suitable range of frame 

values is investigated for a group of sound fields.  

2 MATERIALS AND METHODS 

2.1 Acoustical conditions 

A rectangular room with dimensions (length: 12 m; width: 8 m; height: 4 m) was simulated within 

the CAD acoustic software Odeon (Version 14.0, 2017). The modelled room boundaries were flat and 

the sound absorption coefficient was changed uniformly at all frequency bands in order to achieve four 

reverberant conditions. The reverberation time (T30) values, averaged across the 500 -2000 Hz octave 

bands (called Tmid henceforth), were respectively equal to 0.30 s, 0.65 s, 1.00 s and 1.54 s. The 

scattering coefficient (δ) of all surfaces was set to the value of δ = 0.1 to ensure a sufficiently even 

distribution of reflections. In Figure 1 the octave band values of T30 are shown. 

A frontal speaker with the directivity of a human talker was placed slightly off the symmetry axis, 

at 2.5 m from the listener; both speaker and receiver were placed at 1.5 m height from the floor.  

 

 
Figure 1 – Four simulated reverberation times T30, in the octave bands from 125 Hz to 8 kHz. The 

single numbers in the legend are the Tmid, which is the average T30 of the 0.5–2 kHz octave bands. 
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Figure 2 – A view of the room model with the target directional source (S) and the receiver in front of 

it (R). The four omnidirectional noise sources at the room lower corners are indicated as N1 ..N4. 

 

Four omnidirectional sound sources were located at the four lower corners of the room in order to 

simulate a spatially distributed noise background. A view of the room model with the sources and the 

receiver is shown in Figure 2.   

Binaural room impulse responses (BRIRs) were calculated separately for the speech signal source 

and for the four noise sources. Two continuous (no silent gaps) noise signals were used as maskers and 

they both had the octave-band spectral characteristics of female speech (9). The first background noise 

was stationary, and was derived from a steady–state pink noise signal which was spectrally shaped in 

octave bands to meet the required spectrum, and will be referred to as SSN. The second noise had 

speech-like fluctuations; it was obtained by processing Italian phrases spoken by a native female 

speaker, according to the established ICRA procedure (13). In order to reduce the possibility of 

associating a direction of arrival to the noise the coherence of the masker at the ears of the listener in 

each sound field was minimized.  

 As regards the target signal, two versions of the speaker’s spectrum were developed, one for the 

shorter reverberations (Tmid = 0.30; 0.65 s) and one for the longer ones (Tmid = 1.00; 1.54 s). In 

particular the target signal kept the natural spectral character of the speaker in shorter reverberations 

whereas for the latter group the spectrum of the target signal was altered.  

 

 

 
Figure 3 – Spectral content of the reverberated target signals: recorded signal, used in the conditions 

with Tmid = 0.30; 0.65 s (filled squares and long–dashed line), and signal manipulated, to mimic 

Lombard speech, used in the conditions with Tmid = 1.00; 1.54 s (white squares and short–dashed line). 

The spectral content of the reverberated background noises is also depicted (crosses and solid line).  
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This was done to account in a simple manner for the changes that a longer reverberation and hence 

a higher background noise has on speech production. The phenomenon is known as the Lombard reflex 

(14) and the so-called “Lombard speech” is characterized by several spectro-temporal alterations 

compared to the speech produced in quiet and anechoic conditions (15). Data from (16) were taken as 

a model in developing the tilted version of the speaker’s spectrum. This alteration of the speaker’s 

spectrum for the higher reverberations added generality and realism to the experimental conditions. 

The octave–band spectra of target signals and of noises are showed in Figure 3.  

The level of the target speech was fixed at a long term rms value of 63 dB(A). The noise leve l was 

varied to achieve long-term rms SNRs spanning from +4.0 dB to -13.4 dB. In total, 26 sound fields 

were created. A group of 24 conditions were obtained by combining two types of noise (stationary and 

fluctuating) at three reverberation conditions (0.30, 0.65 and 1.00 s) each played back at four 

long-term SNRs (3 reverbs x 4 SNRs x 2 noises). Two further conditions were added, having 

reverberation time Tmid=1.54 s and one SNR only (1 reverb x 1 SNR x 2 noises).   

The obtained STI values ranged between 0.10 and 0.47 and correspond to ratings of the SI either “poor” 

or “fair”, consistently with a challenging communication (17). 

2.2 Implementation of the short–term analysis and of eSTI 

The values of eSTI were calculated by using a speech-shaped stationary noise as a probe signal and 

thus fluctuations were left only to the fluctuating masker, not to the target signal. A Matlab script was 

used for the eSTI calculations which implemented the frame subdivision and calculated the SNR, the 

MTF from the impulse responses, the STI in each time frame according to the indirect method and 

finally output the eSTI values as averages of the frame ensemble values. Instead of averaging the two 

slightly different left and right eSTI values, it was decided to choose the highest in analogy with the 

better-ear approach described in (18).   

By construction, if eSTI is evaluated over a sufficiently long time frame the values obtained for the 

stationary and the fluctuating noises coincide when the two noises share the same long -term rms 

spectrum. This communal eSTI for long frames corresponds numerically to the STI value for the 

stationary masker. When the same signals are processed with increasingly shorter frames the 

stationary noise shows negligible eSTI changes because its SNR does not change. On the contrary the 

eSTI values for the fluctuating noise undergo a remarkable increase because the SNRs increase with 

the shortening of the frames. This was already pointed out in (10) and the finding was motivated by the 

occurrence of larger eSTI values at the instants when the noise amplitude modulation is low and hence 

the SNR increases. Thus the resulting average eSTI value is larger for the fluctuating noise than for the 

stationary noise. Consistent with this finding, the eSTI metric can be employed to quantify the increase 

in SI which is expected due to the fluctuating masker release (4). In this study, listening tests were 

implemented to investigate  which frame or frame intervals could be appropriate for calculating the 

eSTI value.  

2.3 Listening tests 

There were 79 participants, all of them native Italian speakers. They were recruited among the 

students and the academic staff of the local University, and paid a small allowance for their 

participation. Prior to the experiment, all listeners performed a self–administered hearing screening 

using the IOS–device based uHear application (19). All listeners obtained test results in the category 

of “normal hearing” (up to 25 dB HL) for the frequencies under testing (500–8000 Hz). They provided 

verbal consent prior to the experiment. Due to the extended design of the experiment and the large 

number of listening conditions investigated, the participants were randomly assigned to three groups, 

which had only a slight discrepancy in the gender distribution. No significant difference was found 

between the age distributions of the three groups when a Kruskal–Wallis test was performed (H=0.65, 

p=0.72).  

The speech material used for the experiment was the recently developed Word Sequence Test 

(WST) in the Italian language, whose details are described in (20). In brief, the test is based on 

sequences of four disyllabic meaningful words (CVCV structure), that were selected among the corpus 

of the already available Diagnostic Rhyme Test in the Italian language (21), thus respecting the 

language-specific consonant phoneme distribution. Twenty-eight words were organized in a (7x4) 

base word matrix and the test sequences were created by sequentially selecting the words from the base 

matrix. The test was administered in a closed set format. 
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2.4 Procedures 

The experiment took place in a sound treated room. As in previous studies (22), a three-dimensional 

audio rendering system based on seven pairs of loudspeakers surrounding a single listener seated in the 

center of the room was employed in the playback. In the system each pair of loudspeakers is processed 

independently from the others with cross-talk filters for trans-aural rendering.  

Prior to the experiment, one test list composed of 12 sequences was presented to the  listeners, at a 

fixed SNR of +10 dB, in stationary noise and anechoic conditions. The aim was to get the listeners 

familiarized with the test procedure and the stimulus material. After this phase the experiment started, 

and a test list of 12 trials was presented for each listening condition. In order to minimize the influence 

of sequential and learning effects, acoustic conditions, background noises and test lists were 

randomized among each group of participants. Furthermore, to avoid listeners' fatigue, a  small break 

was proposed after the conclusion of the first half of the experiment. For each participant, the score 

(correct/incorrect) for each word composing a sequence was acquired and used to evaluate the SI, 

defined as the percentage of words correctly recognized within a sequence.  

2.5 Statistical analysis 

The dependent variable of interest in the study was SI; the independent variables were noise type 

(two levels: stationary and fluctuating) and acoustic condition, varying at 13 different levels for each  

noise type. A Generalized Linear Mixed Model (GLMM) was used to analyze the data . Post hoc 

analyses were based on pairwise comparisons of the means predicted by the GLMM model above; in 

order to account for planned multiple comparison, a Bonferroni correction was applied. All statistical 

analyses were conducted using the software R (23) and the significance threshold was set at 0.05. 

3 RESULTS 

3.1 SI data as a function of eSTI (time window: 12 ms) 

Figure 4 (left panel) shows the SI results averaged across the participants for each listening 

condition as a function of eSTI calculated here using a time frame of 12 ms. A psychometric function 

was employed for describing the listener performance in the speech reception task  as a function of the 

objective metric eSTI and the following logistic function was fitted to the data points:  

 

SI (eSTI) = 
100

1+exp(4s50(eSTI50−eSTI)) 
 , (1) 

  

where eSTI50 and s50 are the constants fully defining the logistic function. Specifically, the 

eSTI50 is defined as the eSTI required for a 50% intelligibility score, whereas s50 describes the slope 

of the function at its midpoint expressed in %/JND. In this definition it is assumed for the eSTI the 

same JND value as for the STI. The logistic curves in Figure 4 are the best-fitting regressions, found 

using a non-linear least squares method in Matlab (MathWorks, 2015). Despite the fact that the data 

points were derived from listening conditions with different SNRs and reverberation times, and there 

was also a mismatch between the speakers’ and maskers spectra, the overall fits could still be 

considered as “average” according to the rating of psychometric curves from audiological testing. 

The thresholds eSTI50 were equal to 0.18 and 0.23 for the stationary and the fluctuating 

background noise respectively. In contrast, very similar slopes were found for the two noises, equal to 

7.0 %/JND for the stationary noise and 6.9 %/JND for the fluctuating one. As it can be seen in Fig. 4 

(left), using eSTI with a frequency-independent 12 ms frame window for mapping SI, two almost 

parallel psychometric curves were obtained, whose distance can be approximated by the differe nce of 

the eSTI50 values. This difference is equal to 0.05, and is thus larger than the reference JND  for STI. 

 

3.2 SI data: identification of an appropriate interval of time frames for the eSTI metric 

eSTI values were obtained for different time windows with a 5 ms step, and step by step the 

statistical significance of the effect of noise type on the SI results  was checked. This systematic 

statistical analysis showed that it was possible to identify a range of time frames for which the two 

psychometric curves cannot be statistically discriminated since the effect of noise on SI becomes 

statistically not significant. In particular, this behavior was verified within the interval (200, 345) ms. 

Further increasing (or decreasing) the time window beyond these limits  yielded a significant main 
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effect of noise type (time window of 350 ms: p=0.040; time window of 195 ms: p=0.038) but no 

significant interaction between noise and eSTI.  

Unfortunately, the procedure did not output an unambiguous single time frame but, for practical 

purposes, the time window having the mid interval duration, that is 272 ms, was deemed appropriate 

and was taken as a reference for later elaborations. Specifically, the statistical analysis indicated that, 

when this reference time window was used, the main effect of eSTI was still significant (χ2(1)=2122.1, 

p<0.001) but neither the noise type nor the interaction of the two factors had significant influence on 

the SI results (main effect: p=0.52; interaction: p=0.69). Figure 4 (right panel) shows the SI results as 

a function of eSTI with the reference time frame. The RMSE values of the regression curves from the 

data points were 4.0% (stationary noise) and 4.2% (fluctuating noise). The thresholds and the slopes 

coincided, being eSTI50 = 0.17 and s50 = 6.3 %/JND. 

 
 

Figure 4 – Speech intelligibility (SI) results averaged across the listeners, with 95% confidence 

intervals, as a function of the eSTI. Results are divided according to the background noise type, and the 

best–fitting regression curves with a logistic shape are also included: stationary noise (black circles, 

solid line), fluctuating noise (white squares, dashed line). Left: eSTI calculated using a time window 

of 12 ms; eSTI calculated using a time window of 272 ms. 

4 DISCUSSION 

The present results show that eSTI is a suitable metric to build psychometric curves describing the 

behavior of SI for room-acoustical conditions with added stationary or fluctuating speech-like noise. 

This is proved by the goodness-of-fit of the obtained regression curves in terms of RMSE. The values 
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of RMSE are in fact in line with literature studies despite the fact that present data spring from an 

unusually large range of experimental conditions, including source/noise spectral mismatch, variable 

reverberation and a wide range of SNRs. Limiting such variation would probably have further 

improved the RMSE.  

The present range of reverberation times was selected to investigate the impact of noise 

fluctuations in practical room-acoustics applications. In particular, higher reverberation values will 

most probably smear out the masker fluctuations, thus entirely cancelling the fluctuating masker 

release and making eSTI unnecessary. On the other hand, as regards short reverberations, values such 

as Tmid < 0.3 s  are of limited practical importance being the least recommended in technical norms of 

room acoustics design, for instance in (24).  

It is to be remarked that eSTI does not simply integrate the effect of SNR and reverberation but, as 

for STI, it includes also the position-specific modifications coded in the impulse response. It is known 

that the pattern of early reflections is crucial in the transmission of speech, and its effect is considered 

in the MTF by the Schroeder integral (25). The ability of eSTI to follow the position-specific 

characteristics was not entirely exploited in the present study, which employed a single position inside 

a room. This capacity will be verified in future studies, for instance adding the listening distance in the 

experiments and considering it as a dependent variable in the statistical models.  

The potential fields of usage of eSTI in practical applications are multiple. First, in room acoustics, 

a description of the speech reception in more realistic noise backgrounds would help in tailoring the 

design, according to the expected impact of fluctuating noise on reception accuracy. So, one natural 

application would be testing several types of speech-related noises in the process of design for speech 

transmission, and the evaluation of how the room acoustics can be shaped to optimize their control by 

taking both reverberation time and early reflections into consideration. Second, the STI approach was 

tested in the past with listeners having hearing impairment (26, 27) and its potentials in investigating 

the role of reverberation on this group of listeners was highlighted. The single number STI showed 

some advantage over SRT, and also an equivalent SRT for reverberant conditions was proposed, named 

SRRT (27). Anyway, much work needs to be done to confirm the present findings for hearing-impaired 

clinical population. 

5 CONCLUSIONS 

The present work investigated an adaptation of the STI indirect method to deal with a speech-like 

fluctuating masker. A range of fitting time windows 200 - 345 ms was found for the eSTI calculation, 

which all guarantee that the psychometric curves for the stationary and the fluctuating noise cannot be 

separated statistically, and can be thus considered coincident. Thus, given an eSTI value calculated 

within the interval (for instance with a conventional reference duration equal to 272 ms), it is ensured  

that the same SI results are obtained, irrespective of the character of the noise type. The present two 

maskers match those used in some previous anechoic models which were validated by using very short 

frame values. For this reason it is believed that the elongation of the time frame duration is mainly due 

to reverberation and not to the specific noise types. Anyway the borders of the interval may depend on 

the nature of fluctuating masker employed in the present study and further work is needed to 

investigate on the refinement of a suitable interval in order to fit a  larger set of relevant fluctuating 

noises. An extended account of the present study can be found in (28). 
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ABSTRACT 

At the conference DAGA 2017, a method of multidimensional visual analysis of basic room-acoustical 
parameter values incorporating reverberation time RTMid, strength GMid and volume V was presented. Using 
this method, it is possible to demonstrate that different room types such as e.g. concert halls, opera or 
chamber music halls form separated clusters in partial volumes of the acoustical parameter space spanned by 
the acoustical parameters. For concert and opera halls rated as "good" regarding their acoustical quality it has 
been shown that these are localized in narrow partial volumes within the centers of the room type clusters. At 
the DAGA 2018 this approach was extended by investigating additional room types and by comparisons of 
the spatial positions of several halls before and after renovations. In the present paper, this method will be 
shown to serve as a valuable tool obtaining new scientific insights as well as being a helpful planning tool: 
For the room type "concert hall" the historical development is analyzed from the beginnings to the 21st 
century yielding characteristic trajectories across the parameter spaces clarifying the evolutionary trends as 
well as geographical differences. The immediate practical advantage of the method described here as a 
consulting and design tool will be demonstrated by application to orchestral rehearsal rooms. 
 
Keywords: Room-Acoustics, Acoustical Parameter Space, Acoustical Quality 

1. INTRODUCTION 

For a long time, the analysis and presentation of room acoustical parameter values of rooms rated 
for their acoustic quality relied on tables with two-dimensional graphs based upon two variables. By 
means of recent computer programs the available possibilities of data analysis and presentation now 
allow for a multi-dimensional analysis of more than two room-acoustical parameters simultaneously. 
In (1) a new method using multi-dimensional visualization was presented showing how new insights 
can be derived with different examples of various room types plotted into a parameter space spanned 
by basic room-acoustical parameters (without loss of generality by this method in the first instance e.g. 
reverberation time RTMid, strength GMid and room volume V). In such initially three-dimensional 
parameter spaces the room examples are represented by characteristic parameter triples with 
characteristic positions within the parameter space. Insights into the nature of the room types can be 
gained fast by visual analysis from the graphs by different angles. In (1) it was further shown, that 
different room types form clusters in separate parameter space sub-volumes in characteristic 
parameter-value ranges with comparatively small overlap regions. 

Moreover, in (1) and (2) was shown how this data analysis method can be expanded by another 
dimension to data quadruples, e.g. by adding a quality rating, and an adapted visual data representation, 
e.g. by means of marker color. It could further be demonstrated that the rooms rated as “good” with 
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regard to their acoustical quality meant for their genuine use (here: concert halls and opera houses) are 
located in smaller sub-clusters within the certain room-type clusters and therefore displaying even a 
separation of the different room types. In reverse, this analysis may lead to sets of requirements for the 
parameter-value ranges which are necessary in order to achieve acoustical properties rated as “good” 
for the different room types. 

In (2) this multi-dimensional method was extended by incorporating a larger number of rooms and 
additional room types: churches, rehearsal rooms, lecture halls and theatres. This expansion of the data 
basis confirmed the result of cluster formation. Furthermore, it has been demonstrated in (2) how this 
cluster analysis can be used for consulting purposes. A comparison of the location of a room 
before/after a refurbishment or reconstruction in the parameter space can reveal if, and to what extent 
construction measures are able to move the position of the room under examination in the parameter 
space (with help of actual examples, among them the Tonhalle Düsseldorf, Staatsoper Berlin and 
Kulturpalast Dresden) if possible even towards the sub-clusters with high quality ranking. 

For adequate acoustical conditions in a room in regard to the main use, the first-order necessary 
condition in general is a value of the reverberation time in the value ranges judged as appropriate for 
the use of the room examined. However, for adequate acoustical conditions sufficient conditions 
should be met as well. This means that also the values of the other room acoustical parameters ought to 
be in the value ranges judged to be adequate for the use of the room type, e.g. early decay time EDT, 
binaural quality index BQI, Clarity C80 etc.. Therefore, one-dimensional considerations are 
insufficient for covering the sufficient conditions of the acoustical quality. In order to examine 
first-order necessary and sufficient conditions simultaneously, considerations had to be given to 
two-dimensional methods; for an adequate simultaneous consideration of more than two parameters 
more-dimensional methods are necessary. Dependencies between more parameters are not easily 
detectable in two-dimensional representations. Figure 2 in (1) exhibits an example from (3) of a 
two-dimensional graph of the parameters reverberation time RT and strength G, where a third 
parameter - the room volume V - is added as a family of curves. Conform the revised diffuse field 
theory after Kuttruff and Barron, in the diffuse sound field the three quantities V, RT and G are strongly 
coupled by equation (1):  

















⋅−=

T

V
dBdBG Difftheo 10, log1045  (1) 

In (1) common analysis methods of existing data sets were described and the disadvantage of these 
common methods discussed namely that many tables of two-dimensional graphs have to be taken into 
consideration. Because of the a priori unknown interdependencies between the common 
room-acoustical parameters, the conventional analysis methods lead to limited informative values. 
Therefore the conclusion in (1) and (2) was drawn that in order to understand and measure the 
sufficient conditions of acoustical quality in rooms regarding their use in addition to the first order 
condition - namely that the reverberation time shows values in the range adequate for the use - a 
multi-dimensional analysis method is required. At its best, such a multi-dimensional analysis method 
is able to reveal the mutual interdependencies of the parameters. 

2. DATA BASIS 

The following quantities are at least in prinpiple capable of being controlled and therefore they 
have to be taken into consideration in any acoustical design process: room volume V and main 
geometry / room shape, absorption and especially the audience capacity (seating/persons/position of 
audience areas); consequently, reverberation time RT and strength G; room width (and maximum 
distance from the stage), and last but not least structure and acoustical behavior (reflection, absorption 
or diffusion) of bounding surfaces. As data basis for the comprehensive multidimensional analysis in 
this context, per room data from the following categories were collected: 

- name, city, country, continent, opening year; 
- shape (cuboid, hexagon, fan, horseshoe, surround/vineyard, ellipsoid); room width w; 
- volume V, number of seats N (resulting in values of the specific volume (V/N)); 
- quality rating (from (14)); 
- spatial averages of the room acoustical parameters for seats with stage distance d > 2 rH: 

- reverberation time RTMid,seated;  - Clarity C80,Mid,unseated; 
- strength Gmeas,Mid,unseated;   -  Gtheo,Mid,unseated resulting from equation (1); 
- BQIMid,unseated;    - ALcons,P88,seated. 

796



 

 

Data collections of room acoustical parameter values of culture buildings provide numerous 
objective data (4-17) as well as correlations with subjective preference ratings (14-16), in which 
especially the rating results in (14) are only one of the possible quality judgments and therefore 
questionable to a certain degree. The collected data were sorted in sets of n-tuples per room in an 
extensive table, see tables 1 in (1) and (2), the structure of which is given in table 1, showing the 
averages of the values per room type, as well as of all values available in the actual study: 

 

Table 1 – Structure of the data sets, average values of the room types and average of all values (last line) 
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Concert Halls (14) 16.000 2.000 1,8 5,8 6,3 0,56 27 -0,8  1933 

Chamber Music - 3.400 425 1,6 12,9 12,6 0,72 15 -0,1  1911 

Opera Halls (14) 9.100 1.325 1,4 4,7 7,8 0,57 26 +2,8  1885 

Churches - 15.000 515 3,1 13,7 11,2 - 20 -2,4  1771 

Lecture Rooms - 3.900 390 1,5 11,1 13,7 - 17 +7,7  1953 

Theatres - 6.000 1.150 1,2 7,0 8,5 - 20 +4,3  1939 

Rehearsal Rooms - 4.000 190 1,4 12,9 11,9 - 17 +0,7  2000 

All Room Types - 11.200 1.290 1,8 7,8 8,6 - 24 +1,0  1900 

 
Note: for some rooms not all data has been available (lacking are e.g. Rating, BQI, C80 and Gmeas), 

but for all room data sets the parameter values of V, RT, Gtheo, W, shape, type and opening year are 
collected and incorporated (for churches mostly the RTMid,unseated).  

Note: the values in table 1 are displaying the averages of the data sets per parameter. They are not 
meant as a reference of how concert halls, opera halls and other buildings should be built. 

2.1 Enlargement of the Data Basis 

For the study in (1) a selection of 32 concert halls, 11 opera houses and 8 chamber music halls from 
(14) served as data basis, in (2) this was extended by data sets taken from (4-12) to 150 rooms, among 
them 59 concert halls, 19 chamber music halls, 20 opera houses and four new room types: churches (40 
examples), lecture halls (14 rooms), rehearsal rooms (8 rooms), theatres (4 additional rooms). 

In the present study, this data basis was extended by all examples from (4-14) and (17) as well as by 
additional data from the Peutz group to 403 room data sets, which are available for analysis, with 147 
concert hall data sets, 39 chamber music halls, 118 opera halls, 50 churches, 15 lecture halls, 17 
theatres and 17 rehearsal halls. The actual number of different rooms though is somewhat below 400 in 
total, for multipurpose rooms like for instance the "Spiegel" in Zwolle the corresponding parameter 
values for their uses as theatre, opera and concert hall has been added also in all applicable room types. 

3. EXTENSION TO (3+)-DIMENSIONAL ANALYSIS: TOOL FOR NEW INSIGHTS 

The analysis method presented here is a valuable tool to obtain new scientific insights. Computer 
technology allows a comparatively simple (3+)-dimensional graphic representation of data. For the 
visual analysis of the data n-tuples per room presented in (1) and (2), a MATLAB®-script was used. 
For the present study the code was totally newly implemented within the open-source software GNU 
octave, version 4.2.1 in order to plot the available parameter values of the data sets into 
(3+)-dimensional graphs on arbitrary axes within a Cartesian coordinate system. 

A multitude of parameters in these graphs as viewing angle (azimuth, elevation), axis scaling 
(linear, logarithmic, range) as well as marker color and marker size for additional dimensions above 
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three allow for the presentation of the input data n-tuples to be illustrated in comparatison to each other, 
see e.g. figure 1. 

For the representation proposed here a parameter space can be assumed without loss of generality 
as orthogonal in the first instances, as long as the inter-parameter dependencies are unknown, e.g. 
RTmid,bes; Gmeas,mid,u and V. In order to examine these 3-dimensional representation of triplets in a 
visual analysis, see e.g. figure 1 showing all rooms of this study; marker color indicates the room type 
as additional dimension. 

 

Figure 1 –RT - V - Gtheo plot of all data sets examined, color indicates room type. 

 

3.1 (3+)-Dimensional Representation of Dependent Parameters 

In such (3+)-dimensional graphs, a dependency between correlated quantities becomes directly 
visible while rotating the graph by choosing an appropriate angle of view of the data sets:  

Obviously, there is a strong correlation between the quantities RT, G and V, see figure 2:  

 

Figure 2 – RT - V - Gmeas plot of all data sets with Gmeas, color indicates room type (see figure 1) 

 
Figure 2 shows that the in the first instance w.l.o.g. chosen quantities RTmid,seated, Gmeas,mid,u and V to 

span the parameter space obviously are correlated; if viewed in an appropriate viewing angle, the 
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majority of the data sets are located along a straight line in the parameter space. Exceptions appear in 
the data sets of opera houses and churches, where a correct estimation of the acoustically effective 
volume is non-trivial due to coupled spaces as stage tower or naves etc.. Nevertheless, the value of 
Pearson's correlation coefficient of Gmeas,u and Gtheo,s is 0,87 for the data sets examined here. The 
conclusion may be drawn that in the majority of the rooms analyzed here, in source distances of d > 2 
times the reverberation radius a nearly diffuse field behavior can be assumed. This allows in the 
following sections for transferring findings from the smaller number of rooms with measured date of 
Gmeas,u to that ones, where Gtheo,s is calculated by equation (1), which is valid in the diffuse field. 

When viewed vertically, already in (1) and (2) was shown that the RT / G / V - triples of the rooms 
are located in or at least near a plane in the parameter space, see figure 1. Moreover, the diverse room 
types are located in partly disjoint subspaces. Within these subspaces, the majority of samples 
cumulate in clusters in specific subspaces characteristic for the genuine room type. In the analysis here 
with extended number of data sets, it can be observed that the separation in clusters according to the 
use turns out to be slightly less distinctive than in the earlier data sets due to many rooms, which are 
built as multipurpose halls or as a compromise between different applications desired without altering 
of the acoustical parameters: these are located in between the subspaces characteristic for the room 
type. Moreover, in the actual data samples of known acoustical appropriateness are included as well. 

3.2 (3+)-Dimensional Representation of Independent Parameters 

The visual representation of samples in a multi-dimensional parameter space can be assumed to be 
especially significant if a parameter space is chosen in which the quantities to span this space are 
independent. In order to identify independent parameters, in (1) the correlation of each pairs of room 
acoustical parameters was tested.  

As independent parameters turned out to be, among others e.g. RTmid,seated, Gmeas,unseated, and 
BQIunseated. In figure 3 the actual data n-tuples are displayed in a parameter spaces spanned by these 
three little correlated quantities.  

 

Figure 3 – RT - Gmeas - BQI plot of all data sets with BQI-values, color indicates room type, marker the shape 

 
A visual analysis of figure 3 shows a clear separation of the room types chamber music halls (green), 

concert halls (blue) and opera halls (magenta) in clusters in almost disjoint subspaces of the chosen 
parameter space RT - G - BQI with some data samples in between two adjacent room types.  

3.3 Cluster Accumulation of Rooms with High Quality Rating Score 

Within the clusters of the room types, sub-clusters can be identified with rating scores from (14):  
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Figure 4 – RT - Gtheo - BQI plot of concert halls with BQI-values, color indicates rating, marker the shape 

 
In figure 4, it can be seen that in (14) higher rated concert halls have higher BQI values and higher 

RT-values as well as high G-values, and form a sub-cluster within the concert hall cluster (cyan marker 
color: top rated) with characteristic parameter values within a certain range and room shape (rectangle: 
shoebox-style halls). Concert hall data sets with lower rating exhibit lower values of RT, G and BQI. 

3.4 Historical Development of Room Types 

Let us regard the development of for instance the room type concert hall with time: In figure 5 the 
historical development is analyzed from the first examples of this room type to the 21st century, 
plotting number of seats against room volume and opening year.  

 
Figure 5 – Time - Seats - Volume plot of concert halls, color indicates rating, see fig. 4, marker: shape 

 
In figure 5 it is obvious, that characteristic trajectories across the parameter spaces through time 

clarify the evolutionary trends of this room type: starting with a low number of small halls (see (12)), 
which would nowadays serve as chamber music halls, the room type over time has changed 
dramatically by adding more and more seats (i.e. more and more sold tickets as motivation), requiring 
higher and higher room volumes. Not visible in the figure: the resulting demand to enlarge the 
orchestra to compensate for the loss of strength. Within a certain slot of some 40 years around 1890, 
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the halls mostly are rated (14) as excellent, followed by decades with rather mediocre ratings caused 
by even larger number of seats (a trend especially in North America) and high volumes (as well as hall 
widths), resulting in low values of G and BQI, respectively. 

 
Figure 6 – Time - Seats - Volume plot of opera halls, color indicates rating, see fig. 4, marker indicates shape 

 
Figure 6 shows the same view as chosen in figure 5, but now displaying the historical development 

of opera halls. Whereas the quality rating is not that clear, it can be seen easily that the room type 
“opera hall” starts to exist earlier and spread out at first in Europe all over the continent, whereas the 
concert hall room type was just at its beginning (the first data point in figure 4 indicates an old building 
in Vienna which has a hall inside, which has been used in the 18th century for concerts, see (12)). 

4. BENEFIT AS CONSULTING TOOL 

Objective of room acoustical consulting is the judgment whether an existing or prospective room is 
able to exhibit room-acoustical qualities adequate to the (main) intended use of the room.  

The analysis method presented here offers a real benefit in terms of consulting purposes: already in 
the very early states of consulting the room acoustical conditions of a newly to build room or before a 
refurbishment with the basic data V and RTMid (which is strongly linked to the number auf audience) 
and resulting value of Gmid,theo (assuming a diffuse sound field in the room further away from the 
source) can indicate the relative position of this new room in relation to the room type clusters, if 
within a type cluster or even in the subspace with high rankings, inside the type-clusters, but outside 
the subspaces with good ranking scores, or even beyond the type clusters. In discussions with clients 
and architects, consequences of global decisions defining the acoustical quality can be visualized. 

 
Figure 7 – RT - V - Gtheo plot of orchestra rehearsal halls, color indicates rating, marker indicate shape 
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Figure 7 displays orchestra rehearsal rooms inclusive ratings by the users. A clear pattern is 
identifiable: if the volume of a rehearsal room is large enough for the intended ensemble size there is 
the chance that an acoustically successful rehearsal room can be built within the geometrical frame. 

If room acoustical conditions in given rooms by the users are judged as suboptimal, measures 
should be defined to improve the rating for the intended use. For this proposal the analysis method 
presented here offers possibilities to judge the effect of alterations before going into the consulting 
process with computer simulations or scale models: if the spatial position of a room in the chosen 
parameter space is outside the room type cluster or inside the type cluster, but still outside the subspace 
cluster with high rankings, planned measures can be pre-viewed within the same plot and analyzed for 
the spatial position change in the parameter space, the planned or discussed measures would cause. 

Effective proposed measures are visible as spatial position change in the parameter space, as well 
as whether the aim can be achieved by the proposed measures: then the parameter n-tuple of the room 
with measures should meet the subspace clusters of room type or of the desired rating, see (2).  

The Effect of refurbishment measures can be tested before building activities on a very basic level.  

5. CONCLUSION 

The method presented in this paper, multidimensional visual cluster analysis of room-acoustical 
parameter values in three- or moredimensional parameter spaces based upon numerous data-sets of 
existing halls, represented as parameter n-tuples with well-defined spatial positions offers 
comprehensive possibilities as means to gain scientific insights into the nature of usage-dependent 
room acoustics and can be very beneficial as a fast consulting tool for planning new rooms or 
refurbishment measures of existing ones. 

Further work still has to be done e.g. by adding acoustical quality rating scores to other room types, 
especially chamber music halls, and to find the just noticeable difference (JND) for spatial position 
changes in the parameter spaces. 
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ABSTRACT 

In the modern-day era, halls are usually built to host a variety of events that can range from movie projections, 

congresses and meetings, theatre plays, sporting events, music performances in various genres, etc., all of it 

with or without sound reinforcement. Each type of event requires specific acoustical conditions in the hall, 

which makes the acoustics of a multipurpose hall a challenge to be dealt with mostly by making compromises. 

In smaller communities, there is often only one hall large enough to accommodate all the visitors interested in 

attending an event, usually a cultural center or a sports hall of a school. However, the trend of building 

multipurpose halls is present in cities as well, in order to use such spaces as much and as often as possible, to 

maintain their self-sustainability. To address the acoustics of multipurpose halls in Croatia and make an 

overview, this paper gives a comparison of basic acoustical parameters of 16 different halls. The parameters 

were either measured as a way of acoustical analysis, or simulated during the acoustic design process. The 

acoustics of these halls is analyzed with regard to their size, intended use, and the values of relevant 

acoustical parameters. 

Keywords: Room acoustics, Multipurpose halls 

1. INTRODUCTION

The design of public performance spaces rarely aims to serve a single purpose, i.e. these spaces are 

required to host many different types of events. Big cities can afford to build dedicated concert halls, 

conference centers, etc., but even they resort to building multipurpose halls or using existing ones for 

any number of events. Smaller communities do not have much of a choice, as there is often only one 

public space at their disposal. For example, a small town will want to use the sports hall of its 

elementary school, or a small concert hall of the local music school, or a movie theater for different 

kinds of program. Private investors, who build halls almost exclusively for commercial use, often 

demand to have an acoustically favorable space for different types of events. 

The challenge in designing a multipurpose hall is reflected in identifying all possible uses, i.e. 

types of events the hall is to host, in adding weight to each individual use according to its frequency, 

importance, and other factors, and, finally, in deciding on a compromise that is required to obtain the 

most favorable acoustics for all considered cases. The design of single-purpose spaces allows the 

designer to aim for optimal acoustics of the space they are designing, whereas the designers of 

multipurpose halls will strive to achieve the least-objectionable acoustic conditions for all intended 

uses. 

The main motivation for this paper are the challenges the authors have dealt with over the years in 

the area of multipurpose hall design. A similar paper (1) was written by the authors on the acoustics of 

churches in Croatia and its changes over time. The encouraging trend is the growing interest the 

architects show for the acoustics of the spaces they design, multipurpose halls included. This 

improvement has happened over the years, starting from the situation where visual appeal was highly 

appreciated, but acoustics was often completely ignored, resulting in a space with visually spectacular 

architectural design, but unusable in practice due to bad acoustics. 

The data that contains the values of the most common acoustical parameters was either measured or 

simulated for all included spaces, or both, depending on the task laid out before the authors in each 

particular case. The said data was obtained by simulation in the acoustic design process, or measured 

in either the initial stage or the control stage of these projects. Reverberation time was chosen as the 

most relevant parameter for assessing the acoustical conditions in examined halls, especially because 
relevant standards and recommendations use reverberation time as the parameter of interest, and 

stipulate its optimal values for any given situation. Size (volume) and purpose(s) of the investigated 
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spaces are also taken into account. The seating or standing capacity of a given hall is also recognized 

as an important parameter, leading to the specific volume, i.e. volume per person. 

2. THE DESCRIPTION OF THE INVESTIGATED HALLS 

Due to a variety of uses that can be defined for each investigated hall, the halls were sorted together 

in the following way: firstly, they were divided based on their purpose. This division took into account 

the primary purpose of the halls, i.e. whether the dominant program content in their most common use 

is speech or music. The music group was further subdivided to classical music and modern music, and 

the speech group was subdivided to sports and other speech content. The secondary purpose of the 

halls is complementary to the primary one, i.e. if the primary purpose of a hall is to host music-based 

events, then its secondary purpose is to be able to host speech-based events as well, and vice versa. The 

following subsection give a short description of the investigated halls . If a facility has several halls, 

their descriptions are grouped together in the same subsection.       

2.1 The concert hall of Albert Štriga Music School in Križevci 

This concert hall is frequently used for teaching and concert performance. It is a part of the 

aforementioned music school located in the Croatian House building in Križevci, built in 1914. The 

hall was measured in its current state, with the intent of the school to implement some kind of acoustic 

treatment in the future. The hall is quite small and made mostly of hard materials. The exception are 

large windows and the ceiling that provide some absorption of low frequencies, and the upholstered 

seats that introduce some absorption at middle and high frequencies. As a space primarily used for 

teaching purposes, the hall requires acoustics treatment to shorten the reverberation, thus making the 

communication between teachers and pupils easier, and providing the clarity required to hear all fast 

notes clearly. 

      

Figure 1 – Albert Štriga hall (left), and Croatian House hall (right) in its present state  

2.2 The Croatian House hall in Split 

The Croatian House hall in Split is meant to become the representative concert hall for the city of 

Split, with the primary purpose of hosting all kinds of chamber music ensembles. The building itself 

and the hall within was built in 1908 and has suffered a number of changes since then. Acoustic 

conditions in the hall were measured in 2014, in what was then the current state, i.e. the hall and the 

entire building were in a quite run-down state, and in need of restoration. The building is being 

restored, and it is expected to host the concert season in the year 2020/2021. The values of 

reverberation time presented here are the ones simulated for the purpose of thorough restoration. Due 

to the status of the building as a cultural and architectural monument, only discrete acoustic treatment 

was possible. Therefore, appropriate chairs were selected as a mean of treatment. The hall is a classic 

shoebox type. Besides its primary purpose as a concert hall, the hall is to host different kinds of 

speech-based events, such as celebrations, meetings, presentations, etc.  

2.3 Blagoje Bersa concert hall of the Music Academy in Zagreb 

This concert hall was opened in 2016 as a space that would be used primarily for all kinds of student 

projects and classical concert performances. However, initial demands on acoustic design were 

overwhelming; to ensure financial sustainability, the wish of the investors was that the hall be able to 
host just about any event and/or performance imaginable, serving as a movie theater, theater, opera 

house, concert hall, conference hall, etc. In 2018, an organ was installed in the hall. Although the 

initial acoustic design was aiming at a reverberation time of about 1.5 seconds, the final state of the 
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hall, as measured just before the grand opening, is characterized with a much shorter reverberation 

time. The hall itself has a changeable configuration that allows the size of the stage to be c hanged as 

needed, and even the orchestra pit to be opened for opera performances. These changes demand that a 

part of the audience area be sacrificed, so number of seats varies. The net volume of the hall also 

depends on its configuration. 

      

Figure 2 – Blagoje Bersa concert hall (left) (2), and Vatroslav Lisinski concert hall (right) (3) 

2.4 Vatroslav Lisinski concert hall in Zagreb 

Vatroslav Lisinski concert hall was opened in 1973 as the first concert hall in Zagreb designed 

exclusively to host symphonic music performances. To this day, it is still the most representative space 

for classical music performances, despite some drawbacks regarding its design. Extensive 

measurements of acoustical parameters were made, on request of the management of the hall. Apart 

from classical music, the hall hosts modern music performances, as well as all kinds of large meetings, 

conferences, and various ceremonies as speech-based events. Ballet and opera performances are 

sometimes organized as well. 

2.5 Pogon - Zagreb Centre for Independent Culture and Youth 

This facility strives to promote out-of-mainstream cultural and other events. The facility has three 

spaces that were encompassed in the acoustics design project made by the authors. Two of them, 

namely, the great and the small hall are in use, while the club as the third space requires renovation. 

The facility hosts a variety of events, from festivals and concerts , theater performances, to lectures, 

conferences, movie projections, workshops, etc. 

The great hall is the largest of the three spaces, used mostly for popular music concerts. 

The small hall is adequate for small events, such as workshops, rehearsals, presentations, etc.  

The club space was also included in the acoustic project, as the intention is for it to be used mostly 

for club music performances. 

   

Figure 3 – The great hall (left) and the small hall (right) of Pogon (4) 

2.6 Stara mehanika – Educational center for entrepreneurship and lifelong learning in 

Pula 

This facility is still in the design stage. The intent is to create a representative facility in the town  

of Pula for hosting a variety of different events, from theater to modern music, but also entertainment 

event such as stand-up comedy, puppet shows, magicians, cabaret, as well as congresses, lectures, 

round tables, fashion shows, etc. Two spaces are to be built, namely, the great hall and the small hall.  
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The great hall is to become a facility to host large-scale indoor events, mainly concerts involving 

various modern types of music. 

The small hall is designed primarily for small-scale events, from entertainment to various kinds of 

meetings, presentations, etc. 

2.7 Bunker hall in Samobor 

The Bunker hall was originally a warehouse within a military installation that was eventually 

abandoned and its facilities made available for public use. It was built almost exclusively out  of 

reinforced concrete, and its initial reverberation time of 7 seconds was inappropriate for any kind of 

use. The desire of the town council was to have a hall that would be used primarily for concerts, 

hosting performers from different genres of modern music.  The hall was acoustically treated, and the 

reverberation time, as shown below, has been significantly reduced. 

 

Figure 4 – Bunker hall 

2.8 The hall of the Diplomat hotel in Zagreb 

The grand hall of the Diplomat hotel is to be used mainly for weddings and other types of 

celebrations where modern music performances are expected. Its secondary use is extended to 

conferences, meetings, presentations, etc. The hall consists of the main space, a side annex, and a 

gallery, which can be connected or function separately. The configuration shown here assumes that all 

three spaces are used together as a whole.  

2.9 The Croatian House hall in Glina 

This hall is to be renovated, and appropriate acoustic treatment has been proposed. Its primary 

purpose is to serve as a venue for different kinds of meetings, presentations, etc. Additionally, the hall 

is to be used for small ensemble performances, and any other events important to a small town such as 

Glina. 

2.10 The movie theater hall in Samobor 

The freshly renovated public hall in Samobor has always been used as a central place for all kinds 

of public happenings. It is most commonly used as a movie theater, but it also hosts various musical 

events that are of considerable importance to the town and its people. In light of that, the hall has been 

renovated and acoustic treatment has been applied. A control measurement of acoustical parameters 

has been made. 

   

Figure 5 – Movie theater Samobor (left), and the hall in St. Thomas church (right) 
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2.11 The hall in St. Thomas church in Mostar 

The hall of St. Thomas Church in Mostar, Bosnia and Herzegovina, is another example of a 

multipurpose hall designed primarily for speech-based events, but also as a performance space for all 

kinds of small-ensemble shows. The hall is in the design stage and is to be constructed.  

2.12 The Ivan Benković sports hall in Dugo Selo 

This sports hall is used primarily for teaching in physical education, and the occasional matches in 

different kinds of team sports. The floor is large enough to hold a full -size handball court. It can be 

divided into three equal-sized sections, each of them large enough to hold a full-size basketball court. 

Due to space restriction, the hall only has small, foldable bleachers. As the largest indoor space in the 

town of Dugo Selo, it is frequently used for all kinds of public gatherings. The reverberation time in its 

initial state was excessive, so some acoustic treatment was applied, thus reducing the reverberation. 

However, the reverberation time is still too long, and further steps are required. Both cases are 

presented in the paper. 

2.13 The Ljudevit Modec sports hall in Križevci 

This sports hall meets the same criteria as the one described in the previous section, regarding its 

size and the most common uses. The main difference is in the design of the roof, which is made of light 

sandwich material, as opposed to the roof of the Ivan Benković hall that is made of p re-fabricated 

concrete plates. Consequently, low-frequency absorption is quite high. The hall has both fixed stands 

and foldable bleachers that extend along the length of the hall on both sides . To house the audience 

area, the hall has been enlarged, and it is the largest space considered in this investigation. 

   

Figure 6 – Ivan Benković sports hall (left), and Ljudevit Modec sports hall (right) 

3. ACOUSTICAL PARAMETERS OF THE HALLS AND DISCUSSION 

This section presents the most important parameters that characterize the investigated halls. The 

halls were grouped according to their primary purpose. Four groups were established: halls for 

classical music, halls for modern music, halls for speech, and sports halls. Location was given for each 

hall, along with its volume as a measure of size, the mid-frequency single-number reverberation time 

as defined in (5), the bass ratio as the measure of reverberation balance between low and middle 

frequencies, the seating or standing capacity. For brevity, the primary and secondary purpose of the 

halls was roughly divided into speech-based events and music-based ones, without further details. 

The described data is shown in Table 1. 

 

 Table 1 – Relevant parameters of the investigated halls. The halls are sorted by their primary purpose, and 

then by size.  

 
 Hall Town Volume 

(m3) 
RT60500 - 1k 

(s) 
Bass 
Ratio 

Capacity 
(persons) 

Purpose 

       Primary Secondary 

1 Albert Štriga concert hall Križevci 660 2.15 1.25 91 

Classical music Speech 2 Croatian House concert hall Split 1650 1.63 1.09 250 

3 Blagoje Bersa concert hall Zagreb 2350 0.91 0.92 246 
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4 Vatroslav Lisinski concert hall Zagreb 16000 1.78 0.83 1850 

5 Pogon - small hall Zagreb 404 0.57 1.51 50 

Modern music Speech 

6 Pogon - club Zagreb 671 0.57 1.15 334 

7 Stara Mehanika - small hall Pula 918 0.89 0.97 120 

8 Diplomat hotel - wedding hall Zagreb 2040 0.72 1.48 221 

9 Bunker hall Samobor 2600 1.12 1.37 1000 

10 Pogon - great hall Zagreb 3339 1.27 0.84 1200 

11 Stara Mehanika - great hall Pula 10500 1.18 1.03 600 

12 Ivan Benković sports hall – 
before treatment 

Dugo Selo 13800 6.44 0.86 100 

Sports Music 13 Ivan Benković sports hall – 
after treatment 

Dugo Selo 13800 4.57 0.90 100 

14 Ljudevit Modec sports hall Križevci 18600 5.41 0.56 600 

15 Croatian House hall Glina 1536 0.89 1.11 244 

Speech Music 16 Movie theater hall Samobor 2095 0.81 1.21 225 

17 Hall of St.Thomas church Mostar 2140 0.89 1.08 300 

 

Figure 7 shows the mid-frequency single-number reverberation time vs. room volume for all 

investigated halls. To assess the adequacy of each hall for its primary purpose, the r ecommendations 

from DIN 18041:2016 (6), usually used in defining the optimal acoustic conditions for a given space, 

are taken as guidelines. All the halls were eventually grouped in three groups: halls for unamplified 

music, halls for speech and amplified music, and sports halls. For clearer display of the data, the data 

for sports halls was not shown in the figure, as it greatly exceeds the recommended value of 2 seconds 

for sports halls larger than 10000 m3. 

 

Figure 7 – Mid-frequency single number reverberation time vs. room volume for classical concert halls (red 

circles), modern music halls (blue circles), and speech halls (blue diamonds). 

 

As shown in Figure 7, the reverberation time in the halls intended primarily for speech and 

amplified music does not deviate much from the values recommended by DIN 18041. The exception is 

hall 10, i.e. the great hall of Pogon, in which there were limitations as to what materials can be applied 

in the hall. As the result, a reverberation time higher than recommended was obtained. In all other  

cases, the designed reverberation time was achieved using common materials, and the designed values 

match quite closely to the recommended ones. The four concert halls, on the other hand, show 

considerable differences when it comes to meeting the DIN 18041 recommendations. Hall 1, i.e. the 

concert hall of Albert Štriga Music School is the smallest one, yet it has the longest reverberation time. 

The wish of the users is to shorten it by implementing acoustic treatment, as they report problems both 

in teaching, when good communication between the teacher and the student is crucial, and in preparing 

the students for performance. The main complaint is that the students love excessive reverberation 
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because it conceals certain mistakes in playing or singing, and they do not have to make an effort to 

play or sing loud, both of which only makes it more difficult for them when they play in a more 

acoustically controlled (damped) hall. Hall 3, i.e. Blagoje Bersa concert hall of the Music Academy in 

Zagreb has too short a reverberation time to be a true concert hall, due to certain technical issues that 

resulted in too much sound absorption introduced in the hall. While the players of wind and brass 

instruments seem to love such acoustics, the players of string instruments often complain about the 

hall being too “dead”. The hall serves quite nicely for all kinds of speech -based events, but also as a 

practice hall for orchestra rehearsals, as the short reverberation is quite unforgiving and reveals all 

mistakes made during playing or singing. Short reverberation also enables reasonably dry recordings 

to be made in the hall. 

Figures 8 and 9 present the reverberation time as a function of frequency. The reverberation time 

was normalized to its mid-frequency single-number value so that similar halls can be directly 

compared, regarding their frequency-dependent behavior. Figure 8 shows the normalized 

reverberation time in concert halls and sports halls, whereas Figure 9 shows the same for small (<1000 

m3) and large (> 1000 m3) halls for modern music, and for the halls for speech.           

 

Figure 8 – Normalized reverberation time vs. frequency, shown for concert halls (red lines), and sports halls 

(green lines). The numbers in the legend correspond to the number of the hall as listed in Table 1 

 

 

Figure 9 – Normalized reverberation time vs. frequency, shown for small modern music halls (blue lines), 

larger modern music halls (cyan lines), and halls for speech (magenta lines). The numbers in the legend 

correspond to the number of the hall as listed in Table 1 

 

The data shown in Figure 8 reveals that the concert hall of Albert Štriga Music School suffers from 
serious imbalance between low- and high-frequency reverberation. Additional steps have to be taken 

in order to shorten the reverberation time at low and middle frequencies, thereby achieving the 
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required balance, and shortening the overall reverberation time. The Croatian House concert hall is in 

the implementation stage, and the data shows a well-balanced design that will yield a proper 

reverberation time and the required warmth for classical, mostly chamber music, while maintaining 

enough speech intelligibility for speech-based events. The remaining two concert halls, i.e. the 

Blagoje Bersa and the Vatroslav Lisinski concert hall, seem to suffer from the same problem, with their 

low-frequency reverberation not being long enough to provide the warmth that classical music 

requires. 

The reverberation in both sports halls, as shown in Table 1 and Figure 8, is excessive, and reaches 

its highest values at middle frequencies. This finding is a very fortunate circumstance, as any 

additional absorption will have to be introduced in the form of mid-frequency absorbers. In already 

finished halls, this is far easier to achieve than to have to deal with excessive low-frequency 

reverberation. During the measurements conducted in these halls, it was found that direct speech 

communication across the hall was very difficult, but still possible in the Ljudevit Modec hall (hall 14), 

due to relatively short low-frequency reverberation. In Ivan Benković hall (two cases; hall 12 before 

treatment, and hall 13 after treatment), such communication was impossible before treatment, and 

barely manageable after it. Both findings suggest that further acoustic treatment measures have to be 

taken, if the halls are to meet the relevant criteria regarding their acoustics.  

The data shown in Figure 9 reveals that the halls designed primarily for speech-based events (halls 

15, 16, and 17) have a well-balanced reverberation throughout the entire frequency range, as intended, 

with the values of the bass ratio of around 1.1 to 1.2. 

The halls designed primarily for modern music performance (halls 5 to 11) over electroacoustic 

systems, i.e. amplified music, should follow the same criterion applied for halls for speech -based 

events, as amplified music requires reasonably short and well-balanced reverberation. In some cases, 

it was not possible to meet these criteria in full due to technical and financial limitations on available 

space and choice of finishing materials. As a result, these halls have considerably long reverberation, 

especially in the 63 Hz octave band, which is usually not even considered, and it should be, given that 

the energy content of modern music material is considerable in this particular frequency band. In the 

next design step, further steps will need to be taken to correct this issue, if possible.           

4. CONCLUSIONS 

This paper collects the results of the efforts made by the authors to design and/or evaluate different 

halls in Croatia over the past ten years. Originally, many of them were intended to be used for a single 

type of events, but their use has been extended to a number of different programs over the years. The 

reasons for this range from technical to financial, and in many cases, it is a mere question of 

availability of a given space. Acoustic design of multipurpose spaces depends on the range of 

foreseeable purposes, and is rarely aimed at achieving optimal acoustics for one particular purpose.  

Instead, the design process heavily relies on compromise, resulting in “equally bad” acoustics for all 

intended types of program. The design process also suffers from further limitations imposed by 

architects, fire safety experts, and other experts involved in the overall design process. These 

limitations result in narrowing the range of materials to be used, and the range of surfaces on which 

these materials can be placed. As a part of further work, the intent of the authors is to promote 

cooperation between all interested parties in multipurpose hall design in as early stage as possible.                  
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ABSTRACT
The FIFA World Cup 2018 an international football tournament took place in Russia at 12 stadiums in 11 
cities: Kazan, Kaliningrad, Moscow, Nizhny Novgorod, Rostov-on-Don, Saint Petersburg, Samara, Saransk, 
Sochi, Volgograd and Yekaterinburg. Some stadiums were «greenfield projects», others were adapted to FIFA 
requirements. Acoustic parameters as reverberation time and speech transmission are standardized for FIFA 
stadiums. After the tournament is finished, the stadiums are to be used both for football games and 
commercial purposes: concerts and shows with the use of PA Systems. If stadiums are used as concert venues, 
their acoustics should be high. An acoustic survey of the stadiums was carried out. Acoustic parameters were 
measured in unoccupied stadiums. Recalculation of occupied stadiums was made in computer simulation 
models. The measured values of acoustic parameters were analyzed and compared with FIFA acoustic 
requirements. Positive and negative acoustic characteristics of the stadiums were determined. Acoustic 
characteristics were compared with architectural features.

Keywords: stadium’s acoustics, acoustic measurement, reverberation time

1. INTRODUCTION
World Cup of 2018 took place in 12 stadiums in 11 Russian cities: in Kazan, Kaliningrad, Moscow, 

Nizhny Novgorod, Rostov-on-Don, St. Petersburg, Samara, Saransk, Sochi, Volgograd and 
Yekaterinburg. Some stadiums were built, other were reconstructed to comply with FIFA World Cup 
requirements. After the World Cup, the stadiums would chiefly be used for football matches: 
tournaments of Russian football leagues and international tournaments. In addition, the stadiums are 
planned to be used for commercial events: electronic music concerts, shows, etc.

The main element of the football stadium is the stadium bowl with 35,000 to 80,000 spectators 
capacity, with football field, stands around the field (in 2 circles), a roof over the stands and an open 
sky above the football field. When conducting international competitions and concerts using the sound 
amplification system when spectators are in the stands, the acoustics of the stadiums has to meet high 
standards. During a football match, fans should perceive the announcer's information messages 
transmitted by the standard sound amplification system with high background noise in the stadium. 
During concerts, viewers should perceive the media content played by the sound amplification system 
with fair intelligibility. In addition, in the football mode, in accordance with work [4], the stadium 
response to fans emotions is also very important: the volume level of fan support sets the emotional 
background and atmosphere of a sports event. Thus, the task of researching and evaluating the 
acoustics of stadiums is relevant, since the stadium is used both for sports events and for concerts and 
music shows, the acoustic requirements for the stadium bowl are of different nature: high intelligibility, 
low reverberation and high volume level.

In the framework of this work, an acoustic survey of stadiums was carried out, and acoustic 
parameters were measured with empty stands. A recalculation was made for filled stands based on 
computer modeling. The measured values of acoustic parameters were correlated with FIFA acoustic 
requirements [1]. Acoustic parameters measured at 11 stadiums were compared and analyzed. Positive 
and negative architectural and acoustic features of stadiums were analyzed. The effect of stadium 
geometry on the level of fan support was evaluated.

1 anton.peretokin@acoustic.ru
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2. ACOUSTIC REQUIREMENTS FOR STADIUMS
According to the specification [1] requirements, the following parameters of architectural acoustic 

and electroacoustic are regulated at international FIFA competitions: STI speech transmission index, 
RT reverberation time, sound field unevenness and maximum sound level reproduced by the standard 
stadium amplification system. In this study, the reverberation RT time was measured, the STI index, 
and the unevenness of the sound field in the stands. 

Criteria of specified parameters for FIFA stadiums: 
RT is not more than 4 s in the frequency range 125 – 4000 Hz when the stadium is used for 

multi-purpose events;
STI (speech transmission index for PA system) for a full stadium > 0,55 (recommended value –

0,75);
The non-uniformity of the sound field frequency response produced by the sound amplification 

system, should be ± 3 dB in the frequency range 125 – 4000 Hz (at STI being at least 0,5). 
Based on international experience, the main specified parameter for an electro-acoustic concert hall 

is the RT. According to the Russian standard [2], the reverberation time for an electroacoustic hall with 
an air volume > 50,000 m3 should be no more than 2 s. In addition, for the electroacoustic hall, the 
parameters of speech intelligibility, the uniform distribution of the sound field among spectator seats, 
are important along with other characteristics. However, these parameters are associated with sound 
amplification characteristics: radiators arrangement, radiators orientation, etc. When using a stadium 
for concerts, an imported (hired) set of equipment is chiefly used, therefore, these parameters are not 
evaluated in this work.

3. ACOUSTICAL SURVEY OF THE STADIUMS
Acoustical survey of the stadiums was carried out in compliance with standard [3]. The 

reverberation RT time, the STI index, and the unevenness of the sound field in the stands were 
measured at the stadiums without spectators. A standard sound amplification system – linear arrays 
and clusters installed above the seats were used as a source of the test signal. The sound receiver – the 
test microphone – was installed on the spectator's places in several points (at least 18 – 20 points, 
evenly distributed over the spectators seats). Since the stadium has a symmetrical shape, the impulse 
response was measured only for 1/4 of the stadium area.

3.1 Stadiums characteristics
Table 1 provides the stadiums characteristics: capacity and air volume.

Table 1 – Characteristics of stadiums
Stadium Capacity Volume, m3 Stadium Capacity Volume, m3

Kazan (KZ) 45 379 1,1×106 Samara (SM) 41 970 1,2×106

Kaliningrad (KL) 35 016 0,8×106 Saransk (SR) 43 958 1,1×106

Moscow (MSC) 78 011 2,2×106 Sochi (SCH) 44 287 1,2×106

Nizhny Novgorod (NN) 45 000 1,1×106 Volgograd (VL) 45 568 106

Rostov-on-Don (RD) 43 472 106 Yekaterinburg (YEK) 35 696 0,7×106

St. Petersburg (SP) 64 468 2×106

3.2 Measuring RT reverberation time 
The RT values, measured at stadiums in the frequency range 125 – 4000 Hz, are averaged over all 

measurement points and are given in Table 2. 
As we can see from the measurement results, stadiums without spectators produce higher the RT

value than the recommended values [1]. The RT values measured at different stadiums vary from 4,1 s 
to 8,94 s at medium frequencies. This difference can be explained by different geometry, air volume 
and finishing materials. The Yekaterinburg stadium has perforated wall cladding, the Sochi stadium 
does not have a roof over the transverse stands, the stadiums in Moscow and St. Petersburg have the 
largest roof area above the stands.
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Table 2 – Measured values of RT in unoccupied stadiums

Stadium
RT, s, in the frequency range 125 – 4000 Hz

125 250 500 1000 2000 4000

Kazan (KZ) 5,08 5,47 5,46 5,38 4,92 3,75

Kaliningrad (KL) 3,79 4,59 5,18 5,34 4,63 3,32

Moscow (MSC) 7,91 7,52 8,24 8,18 6,12 3,44

Nizhny Novgorod (NN) 6,09 6,70 6,92 6,56 5,82 3,56

Rostov-on-Don (RD) 3,74 5,11 5,99 5,95 5,09 3,29

St. Petersburg (SP) 8,68 8,28 8,94 8,32 6,02 2,88

Samara (SM) 7,78 7,83 7,58 7,85 6,64 4,59

Saransk (SR) 5,84 6,18 6,31 6,10 4,86 3,06

Sochi (SCH) 4,48 5,29 6,05 6,20 5,75 4,28

Volgograd (VL) 4,42 5,09 5,94 5,90 4,92 3,00

Yekaterinburg (YEK) 3,85 3,89 4,10 4,35 4,12 3,21

3.3 Measuring STI speech transmission index
The values of the STI, measured at the stadiums, are averaged by first circle, second circle, and 

throughout the stadium and are provided in Table 3. 

according to [1], at stadiums without spectators. Since STI depends both on the premises geometry, on 
the characteristics of the sound amplification system, and on the noise level in the premises, one can be 
assume that the tuning or correction of the PA system will allow to comply with the requirements [1].

Table 3 – Measured values of STI in unoccupied stadiums

Stadium
STI

First circle Second circle Throughout the stadium

Kazan (KZ) 0,56 0,40 0,47

Kaliningrad (KL) 0,48 0,51 0,50

Moscow (MSC) 0,47 0,40 0,43

Nizhny Novgorod (NN) 0,54 0,51 0,53

Rostov-on-Don (RD) 0,49 0,44 0,46

St. Petersburg (SP) 0,53 0,54 0,53

Samara (SM) 0,44 0,37 0,40

Saransk (SR) 0,44 0,62 0,53

Sochi (SCH) 0,52 0,48 0,50

Volgograd (VL) 0,57 0,59 0,58

Yekaterinburg (YEK) 0,57 0,52 0,54

3.4 Measuring the sound field unevenness 
The values of sound field unevenness, measured at the stadiums in the frequency range 125 – 4,000 

Hz, are assessed over all measurement points and are provided in Table 4. The table shows the 
difference between the maximum and minimum deviation of sound pressure levels from the reference 
value measured in each frequency band. 
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Table 4 – Measured values of sound field unevenness in unoccupied stadiums

Stadium
Sound field unevenness, dB, in the frequency range 125 – 4000 Hz

125 250 500 1000 2000 4000

Kazan (KZ)
-1,8 -2,9 -2,9 -1,8 -3,0 -4,0

+4,2 +4,4 +3,4 +4,7 +4,7 +5,7

Kaliningrad (KL)
-3,5 -2,8 -0,7 -0,1 -0,6 -0,7

+2,9 +4,1 +5,8 +8,2 +8,8 +9,1

Moscow (MSC)
-2,8 -4,6 -2,1 -0,6 -1,4 -6,2

+7,6 +5,2 +4,0 +4,5 +4,1 +4,3

Nizhny Novgorod (NN)
-2,4 -2,1 -1,7 -0,2 -2,3 -2,3

+0,4 +0,4 +1,6 +2,7 +1,0 +3,7

Rostov-on-Don (RD)
-6,4 -5,0 -5,8 -4,2 -2,9 -7,4

+0,1 +0,7 +0,2 +0,4 +3,4 +1,8

St. Petersburg (SP)
-2,5 -2,1 -2,5 -2,6 -2,9 -3,4

+4,3 +2,8 +3,1 +3,6 +2,5 +3,1

Samara (SM)
-1,8 -1,3 -0,4 -2,1 -3,9 -4,3

+4,2 +4,6 +4,0 +0,7 +0,1 +0,1

Saransk (SR)
-2,3 -2,6 -1,0 -0,1 -0,6 -0,4

+4,3 +3,1 +4,2 +4,3 +3,8 +7,2

Table 4 – Measured values of sound field unevenness in unoccupied stadiums

Stadium
Sound field unevenness, dB, in the frequency range 125 – 4000 Hz

125 250 500 1000 2000 4000

Sochi (SCH)
-2,1 -1,8 -0,8 -1,3 -1,1 -1,5

+2,4 +2,5 +1,8 +2,8 +3,8 +1,7

Volgograd (VL)
-2,6 -2,2 -2,0 -1,8 -4,5 -4,1

+3,3 +2,2 +1,2 +1,8 +2,3 +2,7

Yekaterinburg (YEK)
-2,7 -1,3 -4,5 -4,4 -3,7 -4,9

+5,7 +5,1 +2,8 +3,2 +3,7 +1,8

As we can see from the measurement results, in some stadiums, there is unevenness of the sound 
field in the stands, which does not comply with the requirements [1]. Probably an additional tuning of 
the PA system is required.

4. ANALYSIS OF THE STADIUMS ACOUSTIC CHARACTERISTICS

4.1 Spectators effect on the stadiums acoustic characteristics
Assessment of spectator’s effect on the stadiums acoustic parameters is exemplified by the St. 

Petersburg stadium.
To assess the spectator’s effect, an acoustic model of the stadium was built in ODEON 12.15 

software application. The sound absorption coefficients of stadium materials (field, walls, stands) are 
assumed in accordance with the sound absorption coefficients from the reference literature. The RT
values obtained during the modeling correspond to the measured values with an accuracy of ~ 5%. 

Table 5 shows the calculated values of the RT at the stadium with spectators (70% of the stands are 
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filled with spectators), which are compared with the measured reverberation time values with empty 
stands. 

Table 5 – Calculated and measured values of RT in occupied and unoccupied stadiums

Condition
RT, s, in the frequency range 125 – 4000 Hz

125 250 500 1000 2000 4000

Unoccupied (measured), s 8,7 8,3 8,9 8,3 6,0 2,9

Occupied (calculated), s 7,4 6,7 6,4 6,1 4,9 2,8

Difference, s (%) 1,3 (15%) 1,6 (19%) 2,5 (28%) 2,2 (26%) 1,1 (18%) 0,1 (4%)

Table 6 provides the calculated values of the STI at the stadium with the spectators, which are 
compared with the STI measured values with empty stands values.

Table 6 – Calculated and measured values of STI in occupied and unoccupied stadiums
Condition STI

Unoccupied (measured, background noise 45 dBA) 0,53

Occupied (calculated, background noise 45 dBA) 0,57 (+ 4%)

Occupied (calculated, background noise 90 dBA) 0,56 (+ 3%)

Based on the results of computer modeling, the inference can be made on the spectator’s positive 
influence on the acoustic characteristics: the reverberation time for full stands decreases at medium 
frequencies by up to 28%, the STI increases by 3 – 4%.

4.2 Geometry effect on the acoustics
This work presents assessment of the stadiums geometric characteristics effect on acoustics. Figure 

1 shows the dependence of the RT on the specific air volume.

Figure 1 – RT and VN dependence

Specific air volume per viewer VN is determined using the formula:

VN = V/N,
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Where V – the stadium air volume, m3, N – stadium capacity, people.
Figure 2 shows the dependence of the RT on the specific area of the stadium roofing

Figure 2 – RT and SN dependence

. Specific area of roofing SN is determined using the formula:

SN = SR/SE,

Where SR – the roofing area above the stands, m2, SE – the area of the glade above the field, m2.
Based on the analysis performed, we can make inference on the RT being directly proportional to 

the stadiums air volume. 
The roofing area above the stands is a reflective surface, therefore, an increase in the roofing area 

above the stands increases the RT. The Sochi stadium has roofing only above the longitudinal stands, 
which accounts for SN low ratio.

4.3 Effect of the stadiums acoustics on fans support 
Modeling was performed in ODEON 12.15 software application. 3 stadiums with the following 

forms in the plane were studied: Kaliningrad (rectangular shape), Volgograd (oval shape), Samara 
(circle shape). 

To estimate the fan support index, the FSI was introduced, which was calculated along the stands.

FSI = 6 – DL2, dB,

Where DL2 is the rate of spatial decay of sound pressure levels per distance doubling. For a free 
field DL2= 6 dB. The objective of this study was to assess the impact of the stadium shape on the fan 
support level. The smaller the DL2 value, the lower the sound attenuation along the stands and the 
higher the stands fan support and consequently, the higher the FSI is. 

The omnidirectional sound source was located at 2 points of the stands behind the gates (along the 
central axis of the stand): in the upper part of the stand (source P1) and in the lower part of the stands 
at a height of approximately 5 m from the field level (source P2). The sound source was placed at a 
height of 1,2 m from the floor level at the stadium (sitting fan imitation). The sound receivers were 
located along the stands at a distance of 20 – 30 m from each other. Up to 10 sound receivers were 
installed along the upper circle and up to 7 receivers – along the lower circle at a height of 1.2 m from 
the floor level. These receivers simulate behavior of the other fans sitting in stands. 
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The sound sources power level was chosen to be equal to 117 dBA (or 110 dB in octave-frequency 
bands 63 – 8000 Hz).

The sound absorption coefficients of stadium materials (field grass, walls, stands) are assumed in 
accordance with the sound absorption coefficients from the reference literature. The RT values 
obtained during the modeling correspond to the measured values with an accuracy of ~ 5%.

Fig.3, Fig.4 and Fig.5 provide computer models of Kaliningrad (rectangle shape), Volgograd (oval 
shape) and Samara stadiums (circle shape) with indication of sound sources and receivers positions.

Figure 3 – KL Odeon model (rectangle shape)

Figure 4 – VL Odeon model (oval shape)

Figure 5 – SM Odeon model (circle shape)
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Table 7 provides FSI values for stadiums. The lowest FSI value corresponds to the fastest sound 
attenuation and is determined for the Kaliningrad stadium (rectangular shape). The highest value of the 
FSI corresponds to the slowest sound attenuation, and thus – to high fan support, and is determined for 
the Samara stadium (circle shape). The Volgograd stadium (oval shape) has an average value of the FSI. 
The difference is most noticeable in the upper stands, while in the lower stands it is noticeable to a 
lesser extent, since the stadiums have similar geometry on the first circle and unique geometry on the 
second circle.

Thus, it is shown that the stadium shape affects the sound propagation along the stands (fan support 
index). The higher the FSI, the higher fan support index value is, the football fans chanting better 
propagates along the round stadiums stands.

Table 7 – Calculated values of FSI

Stadium
FSI, dB

Second circle First circle

KL (rectangle shape) 1,9 2,0

VL (oval shape) 2,5 2,1

SM (circle spahe) 3,7 2,2

5. CONCLUSIONS
11 football stadiums in Russia were studied for the World Cup. RT values at stadiums without 

spectators varies from 4,1 to 8,9 s in medium frequencies. STI corresponds to values from 0,40 to 0,58.
The spectator’s effect on the changes in the acoustic parameters of the stadiums was assessed based on 
computer modeling: the RT at the stadium with spectator’s decreases by up to 28% at medium 
frequencies, the STI for a stadium with spectator’s increases by up to 4%. 

The geometry of stadiums and acoustic characteristics ratio was analyzed: with an increase in the 
roofing area above the stadiums stand, as well as the air volume of the stadiums, increase in the RT is 
observed. 

The effect of stadium shape on fan support was analyzed. The FSI (fan support index) was 
introduced, which was calculated for the stadiums Kaliningrad (rectangular shape), Volgograd (oval 
shape) and Samara (circle shape) based on the computer model. The FSI is higher in round stadiums.
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Echoidentification: using reflected sound to identify objects and 

their characteristics 

Dawn L. ANDERSON1; Sarahelizabeth J. BAGUHN2 

1 Western Michigan University USA 

ABSTRACT 

People who are blind and visually impaired use a wide variety of sensory information to understand the world 

around them. Hearing is a particularly useful sense because of the range. Many persons who are blind or 

visually impaired use some form of echolocation to monitor the space around them. The sound of a cane tip 

reflected off a wall is a common way to keep a straight path without trailing. 

Orientation and Mobility specialists teach clients to make a crisp clicking sound, and attend to the 

reflections of that sound. Students with varying levels of hearing have demonstrated the ability to discern a 

difference in sound to identify the presence of an object. Clients can be trained to go beyond just locating 

the objects reflecting sound. The relative sound and distance to the object, it’s overall shape, as well as it’s 

hardness can be discerned. This process of identifying the properties of an object may be referred to as 

echoidentification. This skill is very useful in identifying where doorways are while walking along a city 

block. The leafiness of a bush sounds different than the wood of a bench. 

A demonstration of echoidentification will be part of this presentation. 

 

Keywords: Reflected Sound, Echolocation, Echoidentification 

1. INTRODUCTION 

What do you know about Echolocation? 

Misconceptions 

New Name 

1.1 Echoidentification Umbrella 

Human echolocation  

Human sonar/biosonar 

Active echolocation/sonar 

Location of objects  

Finding acoustic gaps/openings 

Material properties 

 

1.2 Who Can Echoidentify? 

Everyone 

Blind 

Sighed 

No need to have perfect or binaural hearing 
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1.3 What can be detected? 

Size and Distance 

Shapes 

Material Properties 

1.4 What is the Area that can be detected by clients who are new to echoidentification, 

after initial instruction in using clicking to identify the presence of an object? 

Study to be completed during Summer 2019 

Results and their implication will be reported at ICA 

1.5 Teaching Echoidentification 

The click 

Introduction and shaping of skills 

Active and passive 

 

1.6 References 

• 1. Johnson, T., & Louchart, J. (2012). Beginner's Guide to Echolocation: Learning to See With 

Your Ears: CreateSpace Independent Publishing Platform. 

• 2. Kish, D. (2009). Human echolocation: How to "see" like a bat. New Scientist, 202(2703), 31-33. 

doi:10.1016/S0262-4079(09)60997-0 

• 3. Kolarik, A. J., Cirstea, S., Pardhan, S., & Moore, B. C. (2014). A summary of research 

investigating echolocation abilities of blind and sighted humans. Hearing research, 310, 60-68. 

doi:10.1016/j.heares.2014.01.010 

• 4. Nilsson, M. E., & Schenkman, B. N. (2016). Blind people are more sensitive than sighted people 

to binaural sound-location cues, particularly inter-aural level differences. Hearing research, 332, 

223-232. doi:10.1016/j.heares.2015.09.012 

• 5. Tonelli, A., Brayda, L., & Gori, M. (2016). Depth Echolocation Learnt by Novice Sighted 

People. PloS one, 11(6), e0156654. doi:10.1371/journal.pone.0156654 

 

2. CONCLUSIONS 

Orientation and Mobility Specialists are encourage to teach echoidentification  

Expand the language and build nomenclature for these techniques and experiences. 

Include in scope of practice for all O&M professionals 

ACKNOWLEDGEMENTS 

 Thank you to the chair of the Department of Blindness and Low Vision Studies at WMU for 

supporting the travel to share these results.   

 

 

 

(An outline of this work is submitted in place of a paper at the request of the ICA conference 

planners. New research in this area is underway and previous work has been presented and published.)  
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Evaluating Shenzhen Sound Environment by Using Artificial Neural 
Networks 

 1;  2;  3;  4; 
1,2,4Harbin Institute of Technology Shenzhen, China 

3 University College London,  

ABSTRACT 
Attenuating absolute sound level for urban noise control is not always efficient in which sound meanings has 
to be included. As evolving from fish-villages with a coastal rural topography, Shenzhen possesses a diversity 
sound environment containing various ecological sounds. In order to get right knowledge for controlling 
Shenzhen sound environments, sound meanings have to be measured to give a complete profile. Through a 
series field studies in Shenzhen, 702 samples covering various sound environments were got. Statistical 
analyses of heterogeneity of sound environments in Shenzhen were firstly examined. Based on results of 
subject evaluation of sound level present in a former study, Shenzhen sound environment referring sound 
levels were investigated. Furthermore, annoyance evaluations to various sounds with a same level 65dB were 
made using field study data. In order to measure sound meaning attributes influencing sound environment 
quality, plenty ANN models were developed to predict annoyance evaluations according to sound meaning 
differences. Finally, combining the results of sound levels and sound meaning, predicting models to a sound 
environment in Shenzhen were given to provide a feasible tool in measuring and solving Shenzhen noise 
problems. 
 
Keywords: Subjective evaluation, sound environment, Shenzhen, Artificial Neural Network (ANN) 

1. INTRODUCTION 
With a constant speeding up urbanization, the city scale of Shenzhen is largely expanding 

accompanying a series of environmental problems. Amongst them, noise becomes increasingly 
prominent. According to the bulletins on environmental situation from the Human Settlements and 
Environment Commission of Shenzhen municipality, the noise complaints reached the first rank in all 
kinds of environmental complaints and the number is still going up. However, it is not always efficient 
to subjective noise attenuation just monitoring and controlling sound levels.  Plenty authority works 
have proven that sound levels and sound meanings are main attributes in determining a sound 
environment quality (1, 2). With a regard of subjective facet, a sound environment could be described 
by absolute and relative sensations of a person responding to sounds and the occurring environment  
under listening conditions (3). Therefore, absolute level reduction to certain sound sources may not 
cause high quality sound environment, because the character of the sound is equally important. Some 
sounds have a positive impact, whereas others have a negative regardless of their sound levels (4). 
Schafer defined ‘soundscape’ as a proper term to note a sound environment with emphasis on the way 
it is perceived (5). Ever since the concept emerged, researchers have wondered how sound 
environments would affect peoples’ life in a city. Although sound environment is a physical 
phenomenon, considering its affective effects on human lives, soundscape approach that takes 
information of a sound environment the same important is more used (6, 7). To measure a sound 
environment quality, subjective evaluation of various sounds should be taken into account . Most 
importantly, judging a sound environment should be through human perception. However, it has been 
less reflected when coping with a sound environmental problems presently in China. It is very 

                                                        
1 578448510@qq.com 
2 Leilayu@hit.edu.cn 
3 j.kang@ucl.ac.uk  
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incorrect specially in some ecological city such as Shenzhen. According to the report of the Shenzhen 
Environmental Monitoring Station, sound levels often surpass 60dB in many ecological areas in 
summer time due to bird singing (8). Hence, it is necessary to consider sound sources difference when 
monitoring a sound environment in Shenzhen for getting right knowledge to improve society well 
beings. 

 Although previous studies have acknowledged the importance of taking sound sources in 
formulating a sound environment quality, quantitative studies of differentiating sound sources are still 
less, resulting in confusing understanding when measuring sound environment in the environmental 
monitoring works. This paper addresses a method to evaluate a sound environment regarding sound 
levels as well as sound sources. Since having successfully predicted subjective evaluations of 
soundscape and sound preference and sound sources (9,10,11,12,13), ANN models developed to 
predict sound sources according to subjective evaluations. The study is conducted as giving a practical 
tool in solving noise monitoring problems brought up by the Shenzhen Environmental Monitoring 
Station.  

2. METHODOLOGY 
In order to evaluate quality of various sound environments in Shenzhen, intensive field studies 

have been carried out ranging very different built environments (14). Based on 702 sound environment 
samples recorded from field studies, statistical analyses of sound levels to different sound 
environments have been made. Then, 44 typical sound sources were extracted standing for 702 sound 
environments. Following this, 25 seconds recording of 44 typical sources were cut used in laboratory 
experiment to elicit annoyance evaluation due to sound source variation. According to results from 
the laboratory experiment, ANN models were developed to give annoyance evaluation uniquely from 
sound source differences. The hypothesis of the study is the successful ANN model can measure 
annoyance of sound source as complimentary in the current monitoring work of sound environment. 

2.1 Data analysis 
Through field studies, 702 samples representing all different kinds of sound environments in 

Shenzhen were obtained. Firstly, sound level differences were investigated to all collected sound 
environment samples. In general, the samples were recorded in Shenzhen six administrat ion districts, 
named the District I, II, III, IV, V, VI. From the District I to VI, the study site contains less and less 
natural elements whereas more and more artificial works. In Figure 1, it shows the sound level changes 
in one day of the six administration districts. Based on in situ observation, Districts I is the place 
remained many natural components, e.g. mountain topography, natural villages with a rather long 
coastline. Among the six administration districts, it has the lowest urban development. The District II 
is the residential, commercial and industrial area, and it has middle development stage with lower 
construction intensity. The District III is constituted by residential area and industry with low intensity 
of development. Districts IV is residential, commercial and financial services area with higher 
development intensity and small natural, and has the higher density of the road network. Districts V 
is constituted by industry and coastline of the longest region. Districts VI is center of city, constituted 
by living, commercial office, school, hospital and other service facilities area with the highest 
development intensity and larger artificial green area. In the Figure 1, it can be found that the 
administration districts I has the lowest Leq and the highest Leq in districts VI, with a difference of 
nearly 20dB. Districts II, III, IV have similar Leq, especially districts V and VI. Analyzing the built 
environment, it is understood that administration districts I has the lowest construction and the largest 
green area. The construction of districts VI is the most extensive. Among of their Leq (From Districts 
I to VI), the area with the largest natural distribution has the lowest sound level and the quietest 
environment. In the meanwhile, the area with more artificial components is found to have higher 
sound level. 
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Figure 1– Sound level changes in one day of six administrative districts  

To all the 702 sound environment samples, many sound sources included, however, three main 
kinds of sound types can be classified as many studies pointed (7). They are natural sound sources, 
urban living sound sources (basically from man’s living and activities), and mechanical sound sources. 
In order to explore relationships between various sounds and their incident environment, sound 
environment samples were also concluded from three kinds of environments, namely natural sound 
environment, mix sound environment, and artificial sound environment.  Among them, natural sound 
environments are mainly distributed in the mountain topography areas of District I, III, IV, V, VI. In 
the same time, it has less mechanical sound. The artificial sound environments are mainly distributed 
in artificially built environment areas which far away from the natural environment of mountains, 
parks and water. These areas have obvious sound sources of urban living and machinery. In addition, 
the mix sound environments are distributed in mountains and water topography areas, especially the 
mountains of Districts II. While the natural sound sources are obvious, the sound sources of urban 
living and machinery still exist. Then, in order to quantitatively describe three kinds of sound sources 
in their incident corresponding environment, the acoustic and psychoacoustic parameters of 702 sound 
environment samples were calculated. 

2.2 Laboratory experiments  
In order to explore how a sound environment to influence a community only with a regard of sound 

meaning differences, laboratory experiment in order to elicit annoyance evaluations of the different 
sound sources with a certain sound level (say 65 dB) was constructed. In all, 44 typical sound sources 
were extracted from 702 sound environment samples by comparing acoustic and psychoacoustic 
parameters, which can represent typical sound environment in Shenzhen. In order to get correct 
responds from subjects, the replaying time in the laboratory is controlled to be 25 seconds that is long 
enough to give aural perception to a sound environment. At the same time, The Leq of each signal was 
fixed to 65 dBA by adjusting the amplitude of the signal and the volume of the amplifier. The 
experiment lasted about 45 minutes, with a 1-minute break in the middle. Experiment place is located 
in the listening room, and the background noise is below 40 dB.  

In order to the subject evaluation of sound source, the content of the questionnaire mainly includes 
two parts: personal background information and subjective perception of sound source. The subjective 
evaluation is divided into 1-9 levels (Indicators of quietness, comfort, loudness, annoyance and 
pleasure). The lower number show the bad evaluation, and the higher number show the good 
evaluation. In total 328 people were interviewed. According to the 44 sound source representative 
samples, a total of 14,432 questionnaires were collected. Alternatively, the study deleted 11 
questionnaires with errors. Finally, 14,421 valid questionnaires were obtained.  

2.3 Categorizing sound source 
According to subjective evaluations, the 44 laboratory study sounds can be assembled into 5-scale 

category by using cluster analysis. The result is shown in Figure 2. It can be seen that according to 
subjective evaluation of the quietness only according to sound source difference 5 categories could 
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be obtained, the quietness evaluation category from 1 to 5: Category 1 is very quiet, which is mainly 
the natural sound type, including wave, water, bird and insect sound and their mixed sound. Category 
2 is quiet, which is mainly the mixed sound with obvious natural sound and the clear man’s living and 
activities sound. The evaluation of this kind of sound source is also relatively high, mainly between 
4-5. Category 3 is general, which is mainly composed of mixed sound with more living sound. 
Although the natural sound is involved, its influence is weak. The evaluation of this kind of sound 
source is mainly between 3.5-4. Category 4 is noise, which is mostly mixed sound and commercial 
noise involving mechanical sound. Influenced by the mechanical sound such as automobile and 
aircraft, it has a low annoyance evaluation, and its value is mainly between 3.1 and 3.5. Category 5 is 
very noisy, which is mainly mechanical sound and the mechanical sound.  Thus, the subjective 
annoyance evaluation results of the sound source be obtained, and in order to identify the category of 
the sound source, 5 categories were selected to train ANN models. 

  

 
Figure 2–Category of subject of evaluation  

2.4 ANN modeling 
In order to evaluate a sound environment regarding sound sources difference, ANN models were 

employed to give quantitative results of annoy affect from sound source. This is because annoyance 
evaluation from sound source facet is not able to be measured. In the study, a 5-scale category of 
sound source was used to show annoy affection from very quiet to very noisy.  

As a close relationship is quite important to ANN models’ prediction (13), relationships of various 
factors from acoustic and psychoacoustic parameters to subjective annoyance evaluation of a sound 
were explored, in which person correlation was used. According to the relationship of subjective 
evaluation and factors from sound amplitude domain (Leq, L10, L90, loudness(L)), frequency 
domain(roughness(R), sharpness(S) and tonality (Ton)), and time domain (fluctuation strength (Fls)) 
have been calculated by Artemis. Totally, 8 significant correlation factors were chosen to be input in 
ANN models. In the meanwhile, 5-sound source categories got from section 2.3 were assigned as the 
outputs in the ANN model. 

Figure 3. shows detailed information for the networks, including input variables and network 
structures. The number of input layer nodes of each model is equal to the number of input 
characteristics, the output layer node number is 5-sound source categories. The activation function of 
each hidden layer is linear rectifier function (Relu), used to increase the nonlinear neural network, the 
activation function of output layer uses the softmax function, is used to predict the probability of each 
category, loss function was Cross Entropy, optimization algorithm was root back propagation 
optimization algorithm(RMSProp), each of the models is iterated 1000 times . Finally, the best 
artificial neural network is used to predict the evaluation of sound source in Shenzhen.  

1 2 3 4 5 

824



 

 

Figure 3 –Structure of ANN model 

3 RESULTS 
It is well understanding that sound level is key factor to affect annoyance perception of a sound 

environment. However, sound sources also take an important role to a person’s calm assessment to 
certain sounds when the sound level is not very high (say 65dB). Using sound environment samples 
from field studies, the study explored annoyance evaluations of various sound environments in 
Shenzhen in order to give a correct understanding of noise annoyance in such an ecological city. Sound 
level and sound sources are two aspects key determinants in a sound environment that have been 
studied respectively. To annoyance evaluation from sound level facet, an evaluation model was 
proposed based on reviewed previous studies. To annoyance evaluation from sound source facet, ANN 
models was employed based on categorized sound sources according to subjective evaluations in 
laboratory experiments.  

3.1 Evaluating sound environment in terms of sound levels. 
Literature reviews showed that sound level directly affects subjective evaluations of a sound 

environment. Study has been done to subject’s noisy responding to sound level used ANN model 
prediction (16). A former study pointed that although sound level is the key factor to determine noisy 
evaluations, factors from social/demographic aspects have also some influence regarding sound level 
differences (17).  

Figure 4 –Sound level evaluation model regarding subjective facets 

Based on results of previous studies (16-17), annoyance evaluation of a sound environment 
regarding sound level was studied, a result of annoyance evaluation to sound level was given in the 
Figure 4. It shows that the subjective annoyance evaluation deteriorates as the sound level increases. 
However, the subjective annoyance evaluation is similar in a range of sound level. Thus, the 
annoyance evaluation can be graded into 3 ranks, from rank I to III. The sound level of rank I is below 
55 dB. The subjective annoyance evaluation is relatively quiet. Rank II is between 55 dB and 65 dB 
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and subjective evaluation in general. Rank III is greater than 65 dB, sound evaluation is accounted for 
noisy. Then, in order to get results of the sound level annoyance evaluation in various sound 
environment, it can be directly judged according to the sound level.  

Based on sound level evaluation model as shown in Figure 4, annoyance evaluation of sound level 
to the Shenzhen was studied. Annoyance evaluation of sound level to different sound environment 
was analyzed as shown in Figure 5. It can be seen that the natural sound environment is mainly 
constituted of very quiet and general, the proportion of noisy is relatively small, so the sound level is 
basically below 65 dB, and a large part is below 55 dB. The mixed sound environment is general. It 
is indicated that the sound level is mainly between 55 dB and 65 dB. The arti ficial sound environment 
has a rating below general evaluation, especially noisy evaluation, while very quiet evaluation is very 
less, indicating that the sound level is basically 55 dB, and mostly above 65 dB. Therefore, from the 
evaluation results of the three type of sound environment, the natural sound environment is the 
quietest, the mixed sound environment in general, and the artificial sound environment is the noisiest.  

 
Figure 5 – Difference in sound level evaluation between sound environment 

3.2 Prediction sound source by ANN 
Besides sound level, sound source is another key factor in evaluating a sound environment  

referring to annoying perception (6). However, it is difficult to measure annoyance evaluation of a 
sound source due to involving plenty factors from acoustic and non-acoustic characters. Therefore, 
laboratory experiment was conducted to get annoyance evaluation of a  sound source using data 
collected from field studies. Finally, sound sources that representing various sound environment in 
Shenzhen were clustered into a 5-scale categories according subjective evaluation. In building an 
ANN model, the 5-scale categories of sound sources were used as outputs. And, all possible output 
variables which including acoustic and psychoacoustic parameters to subjective annoyance evaluation 
of a sound were used as inputs, e.g. Leq, L10, L90, loudness(L), roughness(R), sharpness(S), tonality 
(Ton)), and fluctuation strength (Fls). The highest accuracy results of prediction showed that the ANN 
model which has category 1-3 and 4-5 output variables are the best. And, in the best ANN model, the 
number of hidden layers is 2, the nodes of the first layer are the twice the number of inputs, and the 
nodes of the second layer is 32. 

Table 1 –Comparison of different input variables in ANN 

Model Output Input Layer 
number 

Note 
(1/2Layer) 

Iterations Maximum 
accuracy 

Average 
accuracy 

1 
Category 

(1, 2, 3) 

Leq, L10, L50, L90, L, R, S and Fls 2 16/32 1000 0.86 0.73 
2 Leq, L10, L50, L90, L, Ton, S and Fls 2 16/32 1000 0.80 0.69 
3 Leq, L10, L50, L90, L, S and Fls 2 14/32 1000 0.85 0.72 
4 Category 

(4 5) 
Leq, L10, L50, L90, L, R, S, Fls , Ton 2 18/32 1000 0.90 0.80 

5 Leq, L10, L50, L90, L, Ton, S and R 2 16/32 1000 0.90 0.83 

The study compared prediction results for different input characteristics in the grouping ANN 
models. By comparing prediction results in Table 1, it can be seen the average accuracy of the model 
1,2,3 is basically above 0.7, and the maximum accuracy is above 0.8. Meanwhile, the average accuracy 
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of the model 4 and 5 is above 0.8, and the highest accuracy is 0.9. It is indicated that this kind of 
grouping model can better predict the sound source evaluation. Model 3 has the best results, with an 
average accuracy of 0.73, a maximum accuracy of 0.89. Therefore, in ANN, using the input variables 
of Leq, L10, L50, L90, loudness(L), roughness(R), sharpness(S) and fluctuation strength (Fls) of model 
3 can accurately predict sound sources of category 1, 2 and 3. Comparing model 4 and 5, it can be 
found that Model 5 has the best prediction results, with an average accuracy of 0.83, a maximum 
accuracy of 0.9. Thus, input variables of Leq, L10, L50, L90, loudness (Ton), roughness(R), fluctuation 
strength (Fls) and tonality (Ton) of Model 5 can make an accurate prediction to sound sources to  
Category 4 and 5 sound sources. 

3.3 Evaluating sound environment in terms of sound sources 
According to the ANN model, this paper predicted the subjective annoyance evaluation of sound 

source in Shenzhen. Annoyance evaluation of sound sources consists of very quiet, quiet, general, 
noisy, and very noisy, which is also categorized into 1-5. Through laboratory experiment, Figure 6 
presents annoyance evaluation of sound sources to Shenzhen various sound environments.  

Figure 6 – Difference in sound source evaluation between sound environment 

It is found that the natural sound environment is obviously evaluated as the best with more than 
50% very quiet and quiet evaluation. The mixed sound environment evaluated as in general with more 
than 40% very quiet and quiet evaluation, and 40% very noisy and noisy evaluation. However the 
artificial sound environment is obviously evaluated as the worst with 0% very quiet , and more than 
60% general, noisy and very noisy evaluation. In general, the subjective annoyance evaluation of 
sound source in the natural sound environment is the quietest, the mixed sound environment in general, 
and the artificial sound environment is the noisiest.  Although the results gave annoyance evaluation 
of sound source to a sound environment, quantitative study to underpin annoyance evaluation of a 
certain sound is important in measuring a sound environment regarding sound source. This has been 
given by using ANN model prediction as can be seen in the section 3.2.  

4 CONCLUSIONS 
In order to evaluate sound environment in Shenzhen, 44 typical sound sources were extracted 

from 702 sound environment samples collected through intensive field studies. The studied samples 
are supposed to stand for all possible sound environment in Shenzhen as already covering spatial and 
temporal variation of Shenzhen. After analyzing all study samples, three types of sound environments 
can be classified, namely natural sound environment, mix sound environment, and artificial sound 
environment. As the sound level and sound sources are key factors to assess annoyance evaluation of 
a sound environment, they were focused in this study. To sound level, an evaluation model was 
proposed based on reviewed previous studies, it found although sound level is constantly varied, 
annoyance evaluation referring to sound level is quite concentrated that can be clustered to very quiet
general and noisy. In Shenzhen, the natural sound environment is found to be quietest, the mixed 
sound environment is general, and the artificial sound environment is the noisiest. To sound source, 
the laboratory experiment was conducted to get annoyance evaluation. A 5-scale categories were 
obtained according to analyze subjective evaluations of sound sources with a certain level (65 dB) . It 
found likely evaluations of sound level, annoyance evaluation of sound source in the natural sound 
environment is also the quietest, the mixed sound environment is general, and the artificial sound 
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environment is the noisiest. Unlike sound level, it is difficult to measure annoyance perception 
according to sound source variation. Therefore, ANN models have been employed to give quantitative 
results of a sound environment with respect of sound source difference . The result shows that ANN 
models could give relatively accurate prediction of annoyance evaluation if the grouping model with 
certain sound source categories were used. 
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ABSTRACT 
Sound sources are being spread in public spaces during urban design and planning processes, yet little is 
known about the effect their spatial pattern can have on soundscape. The aim is to investigate if associations 
can be made between the dynamic relation between static sound sources and listener in public space and the 
perceived soundscape dimensions. An index for measuring spatial variability of sound sources in an urban 
acoustic environment is proposed to describe physical features of the investigated phenomena and help to 
predict its influence on the perceptual outcomes. 
 
Keywords: Apparent source width, Sound source distance, Sound envelopment, Gyroscopic interaction 

1. INTRODUCTION 
Soundscape is a perceptual construct used for characterisation of urban acoustic environment (1). 

It is influenced by a variety of auditory and non-auditory factors (2). While auditory factors analyses 
are looking at signal characteristics, sound source preference, perceptual dimensions and acoustical 
properties, the site-specific, ‘micro spatial’ and three-dimensional distribution of sound sources has 
been somewhat overlooked in soundscape research. This study argues that it is an important perceptual 
factor in urban open space settings. 

The spatial distribution of sound sources is an inherent part of urban and landscape design tasks 
but there is a lack of knowledge on how to optimise position of sound sources, more specifically which 
pattern to use and how to design it in relation to locations of other sound (noise) sources and proposed 
activities. For example, we might be annoyed more by a busy road in front of us than by the one 
behind us, but it is not clear if that is influenced by the visibility of noise sources or perhaps by the 
head orientation. Further, we might find a soundscape more vibrant if we experience sounds all around 
us rather than just in front of us, but it has not been explored how strong this effect of spatial 
distribution could be.  

The recent research conducted by (3) and (4) showed that the spatiality of the auditory stimulus 
doesn’t have a significant influence on soundscape dimensions defined by the pleasantness vs arousal 
model, which was proposed and validated by (5) and integrated in the ISO/TS 12913 (6). However, 
the before mentioned recent studies were focused on assessment of certain reproduction techniques 
and didn’t report on the spatiality of the recordings used for the experiments in detail. Therefore, it is 
considered that the spatial distribution might be contributing to the overall setting, or very specific 
dimensions, i.e. perceived eventfulness. 

There are still no adequate tools to accurately describe the spatial complexity of an acoustic 
environment (7). (8) indicated that the interaural difference caused by location of a sound source 
might influence the efficiency of a cognitive task performed. Further, following the research focused 
on concert hall acoustics and the intent to control factors such as the apparent source width by design 
(9, 10), this research aims to investigate the effect of similar concepts with focus on the application 
in design of public spaces. As the current work on the standardization of acoustic measures possibly 
moves from monaural to binaural measurements to better characterise all of the site-specific 
complexity (11, 6), this study raises a question of possible value spatial audio data can have in 
characterisation of an acoustic environment. Moreover, it aims to provide a conceptual framework 
needed to characterise the perceptual value of spatial variability of sound sources in public space. 
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2. SOUNDSCAPE SURROUND INDEX FRAMEWORK 
The soundscape surround index is proposed to describe the spatial quality of the acoustic 

environment in public space while keeping the complexity imbedded in soundscape approach. In a 
typical public space various factors influencing the acoustic environment are present, such as: active 
and passive use, temporal and spatial variability of sound sources, different openness resulting in 
different reflections and scattering. 

The following framework is suggested to encompass both dynamic and stationary receivers and 
sources, and both physical properties of an acoustic environment and perceptual attributes, as pictured 
in Figure 1. 

 

 

Figure 1 –Framework for developing the soundscape surround index 

 
One of the trademarks of soundscape research is finding a balance between quantitative and 

qualitative data. The proposed index is calculated from location data (stationary and allocentric, i.e., 
planar shape of the stationary sound sources considered, size and shape of the public space itself) and 
spatial audio data (recorded or simulated) collected from a number of measurement points (egocentric 
level, i.e., receiver’s position changes in relation to the sound source analysed). To characterise a 
whole place with clear physical boundaries, such as square, or even a loosely defined area, the index 
would be then calculated following the method similar to a method such as ISO 3382 for measuring 
reverberation time of a room (12, 11), where different sound – receiver positions would be used to 
calculate the mean value for the space analysed and compensate for relative sound pressure levels, 
lateral energy fractions and other site-specific characteristics. 

2.1 Location factors 
Location factors represent the contextual characteristics of a public space. They include the shape 

of the analysed sound sources in relation to the layout of the space analysed, so they inform the 
potential number of measurement points needed. 

Stationary sound sources in public space are designed in different ‘planar patterns’ or ‘shapes’. For 
the purpose of the index, the simplification to a point, line and an area pattern is suggested for two-
dimensional layouts, as in Figure 2, applicable to both horizontal and vertical planes. The term ‘spatial 
pattern’ was preferred to ‘spatial distribution’ since it implies a designed form rather than a random 
distribution. Conversely, the term pattern might imply the temporal aspect of the phenomena or even 
the directivity pattern of a microphone, which however was not conceived in that sense within this 
research. 
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Figure 2 – Three basic spatial patterns according to which the stationary sound sources can be designed in a 

public space: point, line and area pattern (from left to right) 

 
Most typical use of the classification proposed might be the layout of water fountains in a square, 

as pictured in Figure 3. They allow a listener to experience it from outside (point and linear patterns) 
or from within (areal pattern). In the three sites shown in the Figure 3, the fountains interpreted as 
point and line might also be experienced from all sides, which doesn’t always necessarily need to be 
the case. The pattern may be applied to planar stationary sound sources, vertical or more spatially 
complex ones accordingly. Therefore, receiver points could be besides, within, above or below the 
sound source pattern. 

 

 

Figure 3 – Examples of water fountains following the three basic spatial patterns featured in three squares 

in Sheffield (from top to bottom): Barker’s Pool (point), Leopold Square (line) and Sheaf Square (area) 

 
Further location factors include the size and the reverberation time which contribute to the 

listener’s envelopment but also the functional aspect of the design, i.e. accessibility, shape of areas 
for staying or passing by. 

2.2 Spatial audio factors 
Spatial audio factors, derived from spatial audio refer to the data obtained from a measurement 

point which contains information on sound energy on the X, Y and Z axes. Following the use of figure-
of-eight microphone (13) and complex microphone arrays (14, 15) for predicting listener’s 
envelopment in concert halls, it is expected that decomposing spatial audio signal may be used for the 
development of the surround index. 

The objective factors considered to be calculated using the spatial audio information are: 

* ** * ** *** *** *
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- source width which describes the angle between a listener and analysed sound source pattern as 
illustrated in Figure 4; 

- source distance in free field which describes the distance between a listener and the analysed 
sound source pattern; 

- listener envelopment which describes the influence of lateral reflections; 
- temporal structure / loudness variability (i.e., N5 and N95) calculated for X, Y and Z axes, which 

describes how dynamic is an acoustic environment in time and space in terms of the perceived 
loudness. 

Each of the before mentioned measures (source distance, width and envelopment) were initially 
based on subjective measures (such as Apparent Source Width, Listener Envelopment, Specific 
Distance Tendency)(16, 10) but they also allow for calculating objective indicators which were found 
to be highly correlated with subjective results, i.e. the late lateral sound level (13). 

 

 

Figure 4 – Source width in three basic settings - the point, linear and areal source 

 

2.3 Allocentric and egocentric factors 
Human brain can locate objects in space on the allocentric and on the egocentric level, where the 

former is relative to the head and the later relative to the world (17). This is crucial having in mind 
that movement of people is a key feature of a public space. It is suggested that the soundscape surround 
quality in an urban environment should be regarded in a similar manner: 

- Allocentric level – following the way the sound sources are organised in space, 
- Egocentric level – following the (dynamic) position between a listener and sound sources. 

Both depend on the physical position of fixed sound sources, their physical accessibility (i.e., the 
pedestrian path can lead between the sound sources or just tangle them from one side) and contextual 
factors influencing the listener’s attention and experience. For instance, egocentric auditory distance 
largely depends on the perceived reverberation (16), which is a location factor. 

Allocentric factors look at the position of source in relation to the public space. Similar to the 
location factors, the allocentric ones tackle the number and position of measurement points needed. 
They take into account whether a stationary source is near the edge of the public space so it can be 
experienced only from one side, or is it in the centre so it can be experienced from all sides; or does 
it cover a large portion of the public space so it can be experience from within. 

Egocentric factors on the other hand describe the position of sound sources in relation to the 
receiver, such as front, back or side position. While the narrow front/back localization is often 
confusing (18), this might also be true for the third dimension (19). Egocentric factors change as the 
receiver moves through public space and as she/he moves her/his head. This is important as by doing 
so, he/she will experience the same stationary sound source from different angles and distances. 
Therefore, the framework pictured in Figure 5 is suggested to test how nine basic scenarios perform 
in terms of objective and perceptual attributes. A1, A3 and B3 might perform very similar as the 
receiver sees only a point source. B1 and C1 might be perceived similar as well as the receiver sees 
only a line source. On the other hand, B2 and C2 might be similarly perceived as well. 
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Figure 5 The framework showing nine basic scenarios of source – receiver relations. The three basic source 

patterns (point, line and area) are pictured in red, while the receiver and the source width in relation to the 

receiver are pictured in black. 

 
To characterise a space that features a stationary sound source, a sufficient number of receiver 

points needs to be considered. Further research would need to be carried out to optimise the necessary 
pattern of receiver points. 

2.4 Perceptual factors 
It is well known that a lot of physical acoustic metrics do not necessarily translate to perceptual 

dimension in a linear way (20, 21, 16). Perceptual data within this framework refer to usual 
soundscape descriptors (5, 6) and the perceptual values of spatial audio factors – source width, source 
distance and listener envelopment. For the purpose of the index, they are intended to be used as 
correction factors. 

3. SOUNDSCAPE SURROUND INDEX DEVELOPMENT AND APPLICABILITY 
The soundscape surround index is conceived within the larger framework of soundscape indices 

and its primary role is to adequately address auditory spatiality. Therefore, it doesn’t consider 
quantifying non-auditory factors such as the visibility of sound sources and/or other contextual factors, 
since those are imbedded within the larger framework (22). 

The effect of spatial relations between the sources and the listener has been mainly limited to 
applications in concert venues and audio production (23). The idea behind the soundscape surround 
index is to provide a metric derived from recorded or simulated spatial audio data and from location 
it describes. It would comprise of physical measures and correctional factors. 

The index could be used to predict the effect of a sound source to be introduced but would also be 
useful for an assessment of the overall auditory spatiality in existing acoustic environments which 
don’t necessarily feature designed stationary sound sources. 

The soundscape surround index would enhance urban and design practice in tasks considering 
designed stationary sound sources such as water features, noise sources moving along the constant 
route, different activities such as sitting or passing by along the designed route. It might also 
contribute to spatially informed noise masking. 

To develop and validate the index a perceptual experiment will follow, featuring the relevant 
sound-receiver scenarios. Egocentric factors need to be tracked and controlled during the listening 

* * *

* * ** * * * * *

* * ** * * * * *** *
** *

** *
** *

** *
** *

A1

B1

A2 A3

B2 B3

C1 C2 C3
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experiments, for example by using gyroscopic tracking of head movements (24). 
It is expected that the higher surround value and the higher spatial variability of sound sources 

increase perceptual values along the arousal dimension (eventful/uneventful). 

4. CONCLUDING REMARKS 
In this paper, the framework and key factors for developing soundscape surround index have been 

discussed. 
The proposed soundscape surround index is aimed to describe perceptual quality of acoustic 

environment’s spatiality by combining indicators used in concert hall acoustics (listener envelopment, 
sound source width, sound source distance), environmental acoustics (psychoacoustical loudness), 
neuroscience (allocentric and egocentric aspects) and soundscape research (perceptual dimensions). 
It is conceived to enhance the practice of introducing sound sources in public spaces and contribute 
to spatially informed masking of noise sources, restoration and overall enjoyment in public space. 

Within the framework of the research project Soundscape Indices, the soundscape surround index 
would figure as one of the fuzzy-logic-indices or as a correction factor for a single soundscape index. 
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ABSTRACT  
This article presents a study aiming to explore and evaluate acoustic comfort in residential multistory 
buildings in Sweden. Acoustic data was associated to self-reported responses acquired by a survey: a 
questionnaire was setup researching the response to noise annoyance from multiple sources in a flat and the 
emotional reactions of tenants to the acoustic climate at home. An assessment of acoustic comfort in the test 
apartments was performed utilizing the circumplex model of affect. A sample of 353 residents offered their 
ratings on 12 bipolar scales regarding their feelings towards their living sound environment. Two dimensions 
were identified: pleasantness and activation. Statistical models were developed using acoustic and structural 
variables. 𝐿′#$,&,'(( predicted best pleasantness and number of flats per building predicted best activation. A 
new acoustic comfort indicator is suggested based on the pleasantness model and four novel acoustic comfort 
classes are proposed as: AC-1: Very good, AC-2: Good, AC-3: Acceptable, AC-4: No comfort. 
 
Keywords: Acoustic, Comfort, Responses  

1.   INTRODUCTION  
The Cambridge dictionary defines comfort as “a pleasant and satisfying feeling of being physically 

or mentally free from pain and suffering, or something that provides that feeling” (1). Seemingly, 
comfort is described as a state of feelings towards a situation. Acoustic comfort is defined in (2) as: “a 
concept that can be characterized by absence of unwanted sound, desired sounds with the right level 
and quality, and opportunities for acoustic activities without annoying other people”.  

Acoustic comfort issues have been treated entirely as noise annoyance problems so far. Usually 
acoustic data (sound insulation descriptors) were associated to self-reported noise annoyance of the 
residents (3-6). A detailed review of field surveys following that approach is provided in (7). 

Another approach for the evaluation of acoustic environments has been taken with soundscapes. 
Soundscape is: “an acoustic environment as perceived or experienced and/or understood by a person or 
people, in context” (8). Background ambience and several random sounds can comprise a soundscape 
(9). It can be an outside public space: a street or park. The same for indoor climates, such as the living 
sound environment of an apartment. Assessment of soundscapes can utilize empirical data (interviews) 
or surveys (questionnaires), as in this study. Subjects can offer ratings on certain scales about a 
soundscape. Then statistical analysis can reveal the underlying dimensions describing how subjects 
perceive it. In (10) principal components analysis (PCA) was performed for soundscape perception 
from ratings on 116 attribute scales of 50 recorded outdoor urban soundscapes. The dimensions of 
pleasantness, eventfulness and familiarity explained most of the total variance. In (11) visual and 
acoustic experiments were conducted for the perceived similarity of soundscapes, using 50 recordings 
from (10). Multidimensional scaling (MDS) revealed three dimensions: distinguishable 
-indistinguishable sound sources, background-foreground sounds and intrusive-smooth sound sources. 
In (12) a prediction model was developed for the dimension of vibrancy in soundscapes based on 
acoustic and visual parameters. There is experimentation with the soundscapes approach in overall, for 
the evaluation of outdoor spaces, but less applications of soundscapes for indoor spaces.  

In this study, we approach acoustic comfort in apartment buildings utilizing soundscapes and 
                                                        
1 nikolas.vardaxis@constuction.lth.se 
2 delphine.bard@ constuction.lth.se 
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focusing on human perception and emotions. We explore how the residents feel in their living sound 
environment. A model of underlying dimensions was employed, namely the circumplex model of 
affect, a tool developed in psychology to study emotional reactions of subjects (13). The affect 
circumplex has been applied in assessment of core affects (13,14) and soundscape studies (10-12). 

2.   METHODS  
The study sample includes 31 structures of various types: heavyweight or lightweight. The term 

heavyweight (HW) refers to typical concrete frame structures and the term lightweight (LW) refers to 
wooden buildings (cross laminated timber frame). In total there are 94 building units from 31 blocks (1 
or more units each) of a certain structure: 24 HW types and 7 LW. Sound transmission measurements 
took place in the test structures between two typical adjacent rooms, one above another, bedrooms or 
living rooms. Current standardized methods for airborne sound reduction and impact sound level 
measurements were followed to characterize insulation of building components according to ISO 
(15,16). The measurement data were collected from the Green Buildings database, which concerns a 
Swedish national program about acoustic conditions in dwellings. An overview of the acoustic 
variables is provided in Table 1. Most structures fulfil the Swedish BBR criteria, which set minimum 
𝐷′#$,&,*(=52dB from outside to inside a house and maximum 𝐿′#$,&,*(=56dB (17). 

 
Table 1 – Single number quantities of acoustic descriptors for the sample structures. 

 Airborne sound descriptors Impact sound descriptors 
𝑫'𝒏𝑻,𝒘,𝟓𝟎 𝑫'𝒏𝑻,𝒘,𝟏𝟎𝟎 𝑳'𝒏𝑻,𝒘,𝟓𝟎 𝑳'𝒏𝑻,𝒘,𝟏𝟎𝟎 

Structure type N Mean (Range) Mean (Range) 
Heavy-weight  (HW) 24 58.3dB (51-64) 58.7dB (52-65) 49.6dB (40-53) 49.1dB (39-52) 
Light-weight   (LW) 7 55.5dB (48-63) 56.3dB (48-65) 52.4dB (49-59) 49.5dB (47-54) 
All structures 31 57.6dB (48-64) 58.1dB (48-65) 50.2dB (40-59) 49.2dB (39-54) 

 
Furthermore, self-reported data was collected with the development of a questionnaire, for the 

residents of the test structures, developed according to ISO 15666 (18). The survey aimed to capture 
several aspects relevant to acoustic comfort. It was distributed using post mail (one copy for every test 
flat, a web link was provided too): an invitation letter was firstly sent with the questionnaire, then two 
reminder letters followed within a month. Table 2 presents the question items analyzed in this article.  

 
Table 2 - Question with semantic differentials as presented a survey the about acoustic environment 

at home. Original version presented in Swedish language as developed in (14). 
Different environments can affect the way we feel and our well-being. What effect does your 
home have on you? Answer each one by circling the number that most accurately describes 
the way you feel when you come home. Don’t spend too much time on each question – we are 
looking for your immediate reaction. These are scales of opposites, so if you feel more drowsy than 
alert, circle either number 1 or 2 on the scale. If you are right in between, circle number 3. 

a. Sleepy 1 2 3 4 5 Awake 
b. Displeased 1 2 3 4 5 Pleased 
c. Bored 1 2 3 4 5 Interested 
d. Tense 1 2 3 4 5 Serene 
e. Passive 1 2 3 4 5 Active 
f. Sad 1 2 3 4 5 Glad 
g. Indifferent 1 2 3 4 5 Engaged 
h. Anxious 1 2 3 4 5 Calm 
i. Dull 1 2 3 4 5 Peppy 
j. Depressed 1 2 3 4 5 Happy 
k. Pessimistic 1 2 3 4 5 Optimistic 
l. Nervous 1 2 3 4 5 Relaxed 

 
With a response rate of 27%, 353 observations were collected (158 male, 188 female, 7 unreported). 

The subjects are 18-85 years old and have spent at least 12 months in their flat. Those who use hearing 
aids at home were filtered out of the dataset. Tenants living on the top floor were filtered out too, since 
they do not have neighbors on the floor above and their sound conditions are probably different.  
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The question items regarding the emotional reactions and perception evaluation of the participants 
are presented in Table 2. It is simply formulated as: What effect does your home have on you? The 
questionnaire was entitled “Research project on sound environment in residential buildings”. The 
introduction text as well as most of the questions concerned acoustic issues at home. The results were 
analyzed in SPSS Statistics 24. PCA was performed for dimension reduction. Linear regression was 
applied the component loadings in order to develop prediction models for the identified dimensions. 
Non-parametric Mann-Whitney U-tests were applied to compare independent groups of observations. 

Figure 1 depicts the circumplex model of affect as defined in (13,14). It refers to a psychological 
construct composed of two orthogonal dimensions: pleasantness and activation. They were found 
sufficient to express the emotional state of subjects and the 12 items of Table 2 were established and 
validated after experiments for Swedish wording in a study by Västfjäll et al. (14).  

 
Figure 1 - The affect circumplex model presented in (14). 

3.   RESULTS  AND  DISCUSSION  

3.1   Individual  observations  analysis  
The mean responses of the residents for the question under study are illustrated in Figure 2. From 

the total 353 observations, 327 were included in this analysis due to missing values. As can be 
observed all self-reported rating averages of the participants are on the positive side of the scale (>3), 
meaning on the side of the reaction scales with the affirmative emotions. 

  

 
 

Figure 2 – Mean responses for the sub-items of 
the question: What effect does your home have on 
you? Error bars represent 95% C.I. 

Figure 3 – Component loadings plot for the two 
dimensions: 1-pleasantness and 2-activation. 

 
Principal components analysis was performed and the Kaiser-Meyer-Olkin (KMO) measure of 

sampling adequacy offered a sufficient value of 0.948. Varimax rotation was applied to achieve an 
optimal orthogonal solution. Twelve components were extracted in total but only two of them were 
selected, after applying a scree criterion based on a minimum eigenvalue of unity. The percentage of 
the total variance explained was 39.4% and 36.2% for the first and second components respectively. 
That is a satisfactory solution explaining a cumulative 75.6% of the total variance. The component 
loadings are presented in Table 3 and their plot on two dimensions is illustrated in Figure 3. The 
components can be directly interpreted as the two dimensions of pleasantness and activation, as 
suggested by the valence-activation construct analyzed in (14). 
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The first component corresponds to the dimension of pleasantness since the adjective pairs: 
displeased-pleased, sad-glad, depressed-happy load higher on that and they are designed to measure 
pleasantness emotions (Table 3). The adjective pairs that load higher on the second component are: 
sleepy-awake, dull-peppy, passive-active, which supposedly measure the dimension of activation.  

 
Table 3 – Component loadings of final the PCA rotated solution. 

Semantic differentials  Component 1 

(Pleasantness) 

Component 2 

(Activation) 
a.  Sleepy – Awake  0.782 
b.  Displeased – Pleased 0.657 0.458 
c.  Bored – interested 0.538 0.644 
d.  Tense - Serene 0.816  
e.  Passive – Active  0.807 
f.  Sad – Glad 0.700 0.521 
g.  Indifferent – Engaged 0.469 0.746 
h.  Anxious – Calm 0.872  
i.  Dull – Peppy  0.833 
j.  Depressed – Happy 0.640 0.607 
k.  Pessimistic – Optimistic 0.680 0.558 
l.  Nervous - Relaxed 0.843  
% of variance explained 39.38% 36.16% 

Coefficients below 0.40 are suppressed.  
 
All the components load on the positive region for both dimensions (Figures 1 and 3). That is 

specifically the area of “pleasant activation” as explained in (14). Consequently, the residents perceive 
their sound environment at home as having a high degree of acoustic comfort in overall. This is 
expected since most sample buildings comply with the Swedish criteria (17). 

Further, we explored possible predictor variables for modeling the identified PCA dimensions. The 
component loading scores of every observation were used as dependent variables. Other variables 
from the survey’s dataset can be used as independent variables to establish statistical associations with 
the use of linear regression models. The aim is to develop a prediction model for acoustic comfort 
using acoustic descriptors and building construction data. The determination coefficients R2 for linear 
models predicting the components’ loading scores are shown in Table 4. The R2 represent the total 
variance explained by the predictor variable. All R2 values are very low, indicating lack of strong 
linear relationships probably due to the high variability between all 327 observations. Consequently, 
no further conclusions could be drawn using the individual responses.  

 
Table 4 - Determination coefficients R2 for linear predictors of Pleasantness and Activation 

(individual observations case). 
Predictors Component 1 

Pleasantness 

Component 2 

Activation 
𝐿′#$,&,'(( 0.005 0.033* 
𝐷′#$,&,'(( 0.001 0.007 
𝐿′#$,&,*( 0.003 0.006 
𝐷′#$,&,*( 0.002 0.011 
Size (m2) 0.001 0.077* 
#Flats 0.014 0.039* 
#Tenants 0.012 0.002 

* (Model parameters significant with p<0.05) 

3.2   Clustered  observations  analysis  for  heavyweight  buildings  
The observations are clustered in structure types such as: heavyweight (HW) concrete structures 

and lightweight (LW) wooden ones. It has been indicated previously that HW and LW structures have 
quite different acoustic behavior and the perception of residents varies according to structure type 
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(3,5,21). In this survey, the mean responses for of LW structure groups are higher than HW ones and 
for 5 items there are statistically significant differences. That was suggested by non-parametric 
Mann-Whitney U-tests, which indicated significance specifically for items: a (Z=-3.769, p<0.001), c 
(Z=-2.738, p<0.01), e (Z=-2.132, p<0.05), g (Z=-2.016, p<0.05) and i (Z=-2.540, p<0.05). 

Additionally, there are not equal sample sizes of observations in the various structure blocks. Thus 
HW and LW structures are studied separately. Also, the responses are now averaged per structure 
block: so the replies from a certain structure type are represented by their mean value. For the concrete 
structures, the same analysis was attempted with better results than in Table 4. However, the R2 values 
went as high as 0.2, which is not a sufficient level of correlation. Thus all groups with small sample 
size were filtered out completely and 9 HW buildings having a sample size n more than 10 
observations were analyzed. Finally, 181 observations were included from 9 blocks of heavyweight 
structures (85 male, 96 female). The initial PCA statistics provided: KMO=0.934, 37.3% and 34.6% of 
total variance explained by 𝐷':pleasantness and 𝐷4:activation respectively. Using the 9 blocks (n>10) 
led to better linear associations for the tested variables, as seen in Table 5.  

 
Table 5 – R2 for linear predictors of Pleasantness and Activation in concrete buildings 

(HW clustered observations). 
Predictors Component 1 

Pleasantness 

Component 2 

Activation 
Size (m2) 0.270 0.136 
#Flats 0.117 0.538 * 
#Tenants 0.108 0.017 
𝐿'#$,&,*( 0.345 0.248 
𝐿'#$,&,'(( 0.478* 0.192 
𝐷'#$,&,*( 0.009 0.351 
𝐷'#$,&,'(( 0.002 0.264 
𝐷'#$,&,*( + 𝐿'#$,&,*( + Size + #Flats 0.479 0.708 
𝐷'#$,&,'(( + 𝐿'#$,&,'(( + Size + #Flats 0.573 0.647 

* (Model parameters significant with p<0.05)   

The impact sound index 𝐿′#$,&,'(( is a statistically significant predictor of Pleasantness while the 
number of flats in a building is a significant predictor of Activation. As for the other acoustic 
indicators, the airborne sound reduction indices 𝐷′#$,&,'((  and 𝐷′#$,&,*(  associate well with the 
dimension of activation only, though with moderate R2 values. However, number of apartments in a 
building unit (variable denoted #Flats) correlates high enough with activation. 

Combinations of the predictor variables were tested in order to develop multiple regression models. 
The best determination coefficient R2 is achieved for the relevant variables: both descriptors 𝐿′#$,&,'((, 
𝐷′#$,&,'(( (or  𝐿′#$,&,*(, 𝐷′#$,&,*() the size of flat and the number of flats in a building. But those 
models do not have statistical significance for their model parameters (Table 5). The same applies to 
most variables regardless the R2 indicated in the models, simple or multiple. Only the univariate 
models of 𝐿′#$,&,'(( and #Flats predicting pleasantness and activation respectively have statistically 
significant parameters (p<0.05). A backwards regression process was performed for a model with all 
variables of Table 5. The results confirmed that the only significant predictors are 𝐿′#$,&,'(( for 𝐷' 
and #Flats for 𝐷4. Only those can formulate reliable prediction models of the PCA dimensions as: 

𝐷' = 4.171 - 0.084·𝐿′#$,&,'(( 
𝐷4 = 0.321 - 0.009·#Flats 

 
Furthermore, using size for a linear model with averaged responses per structure block would not 

be that reasonable. Size of flats varies within a building and an average size might not be 
representative of the conditions for all subjects. But the number of flats in a structure is constant (at 
least in this dataset) and relevant to average responses. Also more flats and residents in a building 
mean more activity and sounds between apartments, so #Flats is sensible to correlate with activation. 

Reasonably the impact sound descriptor associates higher with pleasantness, which is related to 
quietness and noise annoyance. Impact sound descriptors 𝐿′#$,&,'(( or 𝐿′#$,&,*( have been found to be 
highly correlated to impact noise types in apartments. The latter have been reported as the most 
disturbing noise type during numerous subjective annoyance surveys (3-7,19-21).  
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3.3   Proposal  of  acoustic  comfort  index  for  heavyweight  buildings  
An acoustic comfort index can be constructed based on the aforementioned models for the 

prediction of pleasantness and activation. A parametric analysis was performed illustrating the 
acquired component loadings for various values of 𝐿′#$,&,'(( and #Flats in the models for 𝐷' and 𝐷4 
respectively (Figures 4 and 5). The desirable values for component loadings lie in the region of 
“pleasant activation” (Fig.1), which corresponds to positive loadings for both dimensions. Loadings 
bigger than 0 are necessary for positive emotional reactions and good acoustic comfort evaluation. 
Values bigger than 0.5 would indicate a very good evaluation in the affect circumplex and a high sense 
of acoustic comfort. 

  
Figure 4 - Parameter analysis in the model  
of 𝐷':Pleasantness predicted by 𝐿′#$,&,'((. 

Figure 5 – Parameter analysis in the model  
of 𝐷4:Activation predicted by #Flats. 

 
For the case of the impact sound index as predictor of 𝐷':Pleasantness, it is observed that the value 

of zero corresponds to 50dB, so above that there is a region of good acoustic comfort with positive 
ratings in the affect circumplex. Then above a threshold of 0.5 there is a region of very good sense of 
acoustic comfort, which corresponds to 𝐿′#$,&,'((  values lower than 44dB. Below a component 
loading of zero there is a suggested region for an acceptable comfort level between 51-56dB. The 56dB 
value is due to the highest limits set in the Swedish regulations for noise transmission (17), also known 
as BBR value of Boverket. However, the 56dB maximum impact noise level is established with the 
descriptor 𝐿′#$,&,*(, including the low frequency range from 50Hz. Overall, Table 6 summarizes those 
regions, according to which an acoustic comfort index with distinct comfort classes is proposed. 

For the number of flats predicting the dimension of activation (𝐷4), the parametric analysis does not 
offer very clear results (Fig.5). The linear model intersects the zero line at 35, meaning that less than 
35 apartments per building unit would be required for good acoustic comfort sense. Then the limit of 
0.5 is out of the scope of comparison and no further conclusions can be made about the number of flats 
and the activation loadings. Further, 35 is not a small number for total flats per building thus it is 
questionable if that number can really be a parameter for an acoustic comfort index. Considering all 
that, the acquired linear model for predicting 𝐷4 :Activation was neglected. To formulate a new 
acoustic comfort descriptor, only the model of 𝐿′#$,&,'(( predicting pleasantness was utilized. The 
equation for the new proposed acoustic comfort indicator is then: 

𝐴𝐶7#89:= 4.171 - 0.084·𝐿′#$,&,'((. 
 
Noticeably the new acoustic comfort index should take values between -1 and 1, an assumption 

compliant with the maximum or minimum component loadings. The linear model can return values 
outside the reasonable limits [-1,1] but such values are neglected. Positive values are needed for a good 
evaluation. The condition 𝐴𝐶7#89:>0 can help identify the suggested acoustic comfort classes: AC-1 
or AC-2, as tabulated in Table 6. The threshold value of 0.5 for an average component loading 
separates AC-1 and AC-2 characterized as “Very Good and “Good” respectively. 

The negative values correspond to the lower comfort classes AC-3 and AC-4, that being the 
categories characterized as “Acceptable” and “Not acceptable” respectively (Table 6). The AC-3 
region (𝐴𝐶7#89: values between -0.5 and 0) relates to low comfort evaluation but still acceptable 
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according to the Swedish regulation limits (17).  The index values below -0.5 denote the worst region 
for acoustic comfort perception, that is the class AC-4. 

Table 6 presents also a comparison with the acoustic classes established by the Swedish acoustic 
standard (21) which uses 𝐿′#$,&,*( instead for impact sound level descriptor. Class D has the same 
maximum limit as the suggested AC-4: impact sound level index more than 56dB correspond to the 
worst class. Then Class C is defined for 𝐿′#$,&,*(  values between 56-53dB, Class B for values 
52-48dB and Class A for 𝐿′#$,&,*( values lower than 48dB. The values of the suggested classes AC-3, 
AC-2 and AC-1 are a bit lower, meaning that the acoustic comfort classes derived in this study have 
stricter criteria than the standardized classes.  

 
Table 6 - Acoustic comfort index and classes suggestion for heavyweight structures. Comparison 

with Swedish classification of SIS SS 25267 standard (21). 
Comfort category No comfort Acceptable Good Very good 

Index class AC-4 AC-3 AC-2 AC-1 

𝑨𝑪𝒊𝒏𝒅𝒆𝒙 < -0.5 -0.5 - 0 0.01-0.5 > 0.5 

𝑳′𝒏𝑻,𝒘,𝟏𝟎𝟎 > 56dB* 56-51dB 50-45dB < 44dB 

Swedish standard (23)   Class D Class C Class B Class A 

𝐿′#$,&,*( > 56dB* 56-53dB 52-48dB < 48dB 

* BBR minimum value (17) 

3.4   Clustered  observations  analysis  for  lightweight  structures  
The same analysis was performed for the case of LW structures in order to find variables that 

predict the PCA dimensions and formulate a similar acoustic comfort model as before. Namely, 77 
observations from 6 blocks of LW structures were included. A minimum sample size of n=5 per LW 
block was applied, due to less groups and observations. Initial PCA provided: KMO=0.923, 45.2% and 
34.8% of total variance explained by 𝐷':pleasantness and 𝐷4:activation respectively. However, no 
linear model had statistical significance in model parameters to be reliable enough. Hence, a 
concluding acoustic comfort model for LW structures could not be proposed. 

4.   CONCLUSIONS  
The acoustic comfort was investigated in a sample of Swedish apartment buildings. A comfort 

assessment was performed, based on the emotional reactions of the residents towards their sound 
environment at home. The circumplex model of affect (14) was deployed for evaluation. The results 
indicated a very positive perception in overall according to the semantic differential scales used in 
model, indicating affirmative emotional states of the residents in their apartments. 

Principal component analysis was performed and two dimensions were identified: pleasantness and 
activation, which explain 39.4% and 36.2% of the variance respectively, namely 75.6% of the total 
variance. This is a confirmation of the dimensions suggested by the affect circumplex model (13) and 
especially for the Swedish version with 12 sub-items used in this study case (14). 

The development of statistical models was attempted based on the prediction of component loading 
scores by variables relevant to the structure and the acoustic conditions. The acoustic descriptors  
𝐿′#$,&,'(( and 𝐷′#$,&,'((, the size of apartments, the number of occupants in a flat and the number of 
total flats in a building were tested. 

Linear models could not be developed for the case of individual observations due to high variability 
in the dataset. However, when the observations were treated as grouped in structures and their 
responses were averaged per structure block, sufficient correlations could be established. For the case 
of heavyweight (HW) concrete buildings, prediction models were developed for the two identified 
dimensions. 𝐿′#$,&,'(( was the best predictor for 𝐷':pleasantness and number of flats predicted best 
the dimension 𝐷4: activation. Multiple regression models were tested as well, but they failed in terms 
of statistical significance for their estimated model parameters. 

Furthermore, a novel acoustic comfort index for concrete buildings is suggested, based on the 
statistical model for the prediction of pleasantness. The suggested descriptor is formulated as: 
𝐴𝐶7#89:= 4.171-0.084·𝐿′#$,&,'((. Based on the new index and its scale, 4 classes of acoustic comfort 

842



 

 

are suggested as AC-1: Very good, AC-2: Good, AC-3: Acceptable, AC-4: No acoustic comfort. 
For the lightweight (LW) wooden building structures of this survey, the statistical results were not 

sufficient for prediction models.  The total observations and the sample size of LW blocks were much 
lower than for the HW data groups. Further individual research should be applied in lightweight 
structures to establish a separate model for acoustic comfort. 
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ABSTRACT 
The emergence of soundscape ecology provided new tools to understand the landscape. Soundscape ecology 
studies include numerous sound indices (metrics), based on the factors sound pressure (dB), frequency (Hz) 
and time. Decibels have been the traditional ‘noise’ measurement worldwide. The authors argue that 
utilization of a single factor (dB) has limited value to characterize urban soundscape complexity. Rather, 
soundscape analysis should address urban soundscapes as holistic compositions of dB and Hz, over 
spatial-temporal extents, both within and amongst observations.  Therefore the MERCUR supported 
SALVE project – AcouStic QuAlity and HeaLth in Urban EnVironmEnts - proposes a widened array of 
metrics (WAM) approach to enable the broadest possible understanding of the acoustic environment.  The 
WAM approach will provide a multi-dimensional understanding of sound as signatures, clusters and spatial 
disparities of sound phenomena to characterize the sound heterogeneity of urban environments. WAM will be 
used to analyze the interrelationship of urban acoustic environments, the built environment and health 
outcomes of urban health studies. This paper presents the metrics included in the WAM approach and the 
related software required for calculation. 
 
Keywords: Sound Indices, Acoustic Environment, Soundscapes 

1. INTRODUCTION 
This paper presents the sound analysis methodology for the project SALVE (AcouStic QuAlity and 

HeaLth in Urban EnVironmEnts - Analysis of the interrelationships between sound and health), a two 
- year interdisciplinary pilot project that started at the end of 2018 and involves public health and 
spatial planning. SALVE aims to identify criteria for health-promoting acoustic environments, to 
analyze associations between human health and acoustic environments in different urban spatial 
settings in Bochum, Germany and to develop solutions for a health-promoting spatial and urban 
planning approach where a healthy urban soundscape is a component.  

As a pilot project, SALVE intends to provide a framework for development of reliable urban sound 
data collection and probe a range of relationships between sound, human health and urban spatial 
structure. The main objectives are to quantify the acoustic environment for a range of urban land use 
types that officially allow human habitation according to German law (Baunutzungsverordnung) and 
determine if objective differences in the acoustic environment or spatial structure can explain 
variations in human health outcomes. 

By placing the sound analysis emphasis on locations where humans live, SALVE is conceptually 
oriented towards soundscape ecology studies (1). In soundscape ecology, sonotopes (acoustic 
environments with homogeneous sound characteristics that can be spatially defined)  soundtopes (the 
alteration of sonotopes due to temporal or spatial configuration) and sonotones (where sonotopes 
interface) are defined and evaluated against the effects that patch size, shape, spatial arrangement or 
surrounding land use diversity. In SALVE, samples of the urban acoustic environment are analyzed 
against natural and man-made spatial configurations to find relationships with species specific 
(human) health outcomes. Past epidemiology studies have found relationships with decibel levels  
(noise), urban spatial structure and human health outcomes such as depressive symptoms, 
hypertension and sleep disorders (2). SALVE aims to further explore these findings by using the Heinz 
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Nixdorf Recall Study (HNR) (3) to analyze human health outcomes with sound and urban spatial 
structure.   

To achieve the project aims, the sound data collection and analysis package for the  project will 
expand the definition of sound, from noise to a holistic understanding of decibel and frequencies over 
spatial-temporal extents, by employing a widened array of metrics (WAM) approach. This paper 
presents the results of a rapid literature review used to identify indices for inclusion in WAM and 
discusses their use and calculation platforms.   

2. OVERVIEW OF SOUND ANALYSIS WITHIN SALVE 
   As a pilot project, SALVE intends to develop and deploy the basics for reliable urban acoustic 

environment measurement methods. The main objectives of the pilot project are to investigate whether 
acoustic environments are representative for a gradient of urban land uses and to determine if those 
identified acoustic environments are associated with different human health outcomes. 

Health data used in SALVE is from the population-based long-term Heinz Nixdorf Recall (HNR) 
study, initiated in the year 1999 (3). The HNR study is a large epidemiological cohort study conducted 
in the Cities of Bochum, Mülheim and Essen, located in the densely populated Ruhr area in Germany. 
The study was designed as an individual based observational study with a sample size of 4814 males 
and females aged 45-74 years. For the purpose of the SALVE study, at least seven health-related 
variables - mental health, neighborhood satisfaction, blood pressure, sleep medication intake, smoking 
behavior, Body Mass Index (BMI) and comorbidity - will be obtained from the HNR study. The city of 
Bochum was chosen as the case study area, given the extent of the HNR study and the proximity of 
Bochum to University of Duisburg-Essen and TU Dortmund University. 

Sound data collection in SALVE uses devices that stay in the field and follow an automated aural 
procedure (AAP) and devices that are carried into the field by researchers and follow a direct aural 
procedure (DAP).  Given the expense of AAD devices and the time consuming nature of extensive 
field data collection with DAP devices, a mix of the AAD and DAP approach is employed in sound 
data collection to strategically sample all residentially permitted land use types in Bochum (n = 7).  A 
total of 24 AAD devices programed to record three minutes samples every 26 minutes (48 observations 
per day) are placed stationary for the 12 month data collection period within three samples of each 
residential land use type and one sample of three different forest and open space land use types within 
Bochum.  A total of 730 DAP sampling locations were chosen for 4 measurements over the 12 month 
data collection period (one sample per season) to develop a statistically representative sampling pool 
of the seven residential land use types, two forest land uses, and one green space land use within 
Bochum.  This approach provides a temporally detailed but geographically limited AAP baseline of 
longitudinal sound data over one year and a temporally limited but geographically detailed sound 
dataset with the DAP approach to understand how different locations within the study area deviate 
from the baseline of AAP recordings (Figure 1). 

Spatial proximity of recording points to different features such as highways, city centers, airports , 
and availability of surrounding green areas and land use mix, built area index (NDBI), park and 
recreation areas, road and rail corridors, urban density gradients (Corine Urban Atlas), natural 
ecoregion units, soil and geological units, elevation, physiographic regions and sub -regions, 
demographic and economic data of the general population, open water and streams, and bus and mass 
transit stations is also included. 

A psychoacoustic analysis of AAD samples according to ISO 12913-2 (4) is included as part of 
SALVE to enable analysis of the relationship between calculated metrics from the acoustic 
environment and human perceived soundscapes. A ‘soundscape theatre’ at  the TU Dortmund 
University exposes participants to binaural recordings from AAD locations of the acoustic 
environment and participants respond to soundscape questionnaire method A from ISO 12913-2 (4).     

In summary, SALVE contains (A) collection of sound data in the city of Bochum, Germany using 
both AAD and DAP approaches, (B) collection of a wide range of spatial data to determine the urban 
spatial structure in Bochum, (C) development of an automated widened array of metrics (WAM) for 
classification of soundscape data into soundscape indices, (D) a psychoacoustic survey according to 
DIN ISO 12913-2 to determine soundscape preferences of the acoustic environment in Bochum, and 
(E) analysis of the association between sound metrics and health outcomes taking into account spatial 
and socio-demographic data using a range of inferential statistics. 
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Figure 1 – AAD and DAP Sampling Design in SALVE    

3. WAM LITERATURE REVIEW 
The emergence of soundscape ecology (1, 5) out of the larger landscape ecology (6) concept 

framework has given a concrete perspective for understanding the landscape “as a collection of sounds 
occurring over an area (7)” or “biological, geophysical, and anthropogenic emanating from a 
landscape and which vary over time (5).” To accompany this conceptual approach, technical methods 
of sound metrics or sound indices, combinations of dB, Hz, and time were also developed and made 
available via the soundecology package (8) in R (9). While variations of the sound pressure level 
parameter alpha index has been extensively reported in the literature, including dB(A), Leq, LAeq, 
L10, L50, L90 (10, 11, 12, 13), it was unclear as to the total number of sound indices or sound metrics 
that had been developed.       

With literature reviews already developed through joint seminars and BSc / MSc studio courses at 
TU Dortmund and University of Duisburg-Essen since 2017, the project team used a rapid systematic 
literature review (14) to develop a summary list of combined dB and Hz sound analysis approaches 
within the most recent literature for the development of the WAM approach.  The rapid review 
searched ScienceDirect and The Journal of Acoustical Society of America for the past decade 
(2008-2018) using keywords from relevant sound index papers already collected, including Sound, 
Soundscape, Acoustic, Urban, Environment, Ecology, Metric, Index in Boolean combinations of AND, 
OR, and NOT.  The raw 10-year literature search found 1,142 studies.  The raw abstracts were 
screened to find studies that included measurements of environmental sound in English; titles and 
abstracts were screened to find only studies that included some variation of an index or metric that 
employed a dB, Hz and time.  The resulting preliminary selection of 57 studies were reviewed for full 
text relevance, and a final selection of 17 studies were used to inform the WAM approach.   

Of particular usefulness in summarizing the sound index approach for sound analysis was Sueur (15, 
16) who presents a broad and detailed overview on the application of sound analysis, including 24 
sound indices that can be calculated within the program R and its GUI interface R Studio. The total 23 
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soundscape index variations identified include alpha indices (within-group) and beta indices 
(between-group), where alpha indices describe attributes of different habitats (heterogeneity, evenness, 
complexity) and beta indices describe dissimilarity and similarity between sound observations (Table 
1).  R Studio offers a streamlined package to data analysis that enables looped calculation of scripts 
on large data sets, as is being collected by SALVE (n=493,555 sound recordings), where automated 
data analysis is the only practical option.   

 
Table 1 – Alpha and beta sound indices, their origin and calculation package in R 

Index Abb. 
Principle 

Reference 
Calculation 

Package in R 

Bioacoustic Index Bio Biophony Level 19 soundecology 

Amplitude Index M() Median of Amplitude Envelope 20 seewave 

Temporal Entropy Ht Envelope Complexity 21 seewave 

Acoustic Richness AR 
Envelope Complexity and 

Intensity 
20 seewave 

Spectral Entropy Hf Spectrum Complexity 21 seewave 

Acoustic Entropy Index H 
Envelope and Spectrum 

Complexity 
21 seewave 

Acoustic Evenness Index AEI 
Envelope and Spectrum 

Complexity 
23 soundecology 

Acoustic Complexity 

Index 
ACI 

Spectrogram Complexity 
24 soundecology 

Number of Peaks NP Spectrogram Complexity 25 seewave 

Normalized Difference 
Soundscape Index 

 

NDSI 

Ratio of Anthrophony to 

Biophony 26 soundecology 

Shannon's Index H' Spectrum Complexity 26 seewave 

Beta sound indices, their origin and calculation package in R 

Index Abb. 
Principle 

Reference 
Calculation 

Package in R 

Spectral Dissimilarity Df Spectrum Dissimilarity 21 seewave 

Wave Dissimilarity - 
Absolute Difference Between 

Frequency Bins 
21 seewave 

Itakura-Saito Distance - 
Difference Between two 

Probability Mass Functions 
16 seewave 

Temporal Dissimilarity Dt Envelope Dissimilarity 21 seewave 

Acoustic Dissimilarity 

Index 
D 

Envelope and Spectrum 

Dissimilarity 
21 seewave 

Kolmogorov-Smirnov 

Distance 
KS 

Spectrum Dissimilarity 
28 seewave 

Kullback Leibler KL Spectrum Dissimilarity 28 seewave 

847



 

 

Distance 

I-Mutual Information - 
Entropy of Each Frequency 

Spectrum and the Joint Entropy 
16 seewave 

Relative Frequency 

Dissimilarity 
- 

Dissimilarity between 

Frequency Bins 
16   seewave 

Correlation-based 

Dissimilarity 
- 

Pearson’s Correlation between 

Frequency Bins 
16 Stats 

RV Dissimilarity  RV Spectrum Dissimilarity 28 FactoMineR 

Cumulative Spectral 
Dissimilarity 

Dcf 
Spectrum Dissimilarity 

29 seewave 

 
However, R Studio does not cover all possible analysis tools. Six indices were identified which 

cannot currently be calculated in R (Table 2). Towsey et al. (17) used the ART1 unsupervised iterative 
learning algorithm (18) to automatically classify number and duration of sound clusters. This approach 
is more complex than what the scope of the project can handle.  Rather, the program Kaleidoscope 
(Wildlife Acoustics) contains an automated supervised sound identification and classification 
algorithm, which is more realistic for implementation within the project scope and it can handle large 
datasets.  

Table 2 – Sound indices not included in R, but included in Kaleidoscope 

Index Abb. 
Principle 

Reference 
Calculation 

Platform 

Sound Pressure Level 

Parameters 
L 

Ratio of Sound Pressure 

Relative to a Reference Value 
30 - 

Mid-Band Activity - 
Fraction of Spectrum Above an 

Amplitude Threshold 
17 - 

Entropy of Spectral 

Maxima 
Hm 

Spectrum Composition 
17, 18 

Luscinia GPL 

v2 / ART 1 

Entropy of Spectral 

Variance 
Hv 

Spectrum Composition 
17, 18 

Luscinia GPL 

v2 / ART 1 

Spectral Diversity - 

Number of Clusters 

17, 18 

Luscinia GPL 

v2 / ART 1 / 

Kaleidoscope 

Spectral Persistence - Duration of Repeated Clusters 17, 18 ART 1 
 

Five indices specifically designed for classification of bird sounds were not included given that the 
aim of SALVE is not to characterize only avifaunal sounds, but to analyze the full frequency range or 
ranges in combination with biophonic and anthrophonic frequency spectrums (Table 3).  
Kaleidoscope will automatically identify which bird species are present in recordings using a 
supervised classification method, which is more accurate than a cumulative bioacoustics index in this 
regard.  The NDSI will also quantify the proportion of biophonic sounds in sound samples. 

 
Table 3 – Sound indices focusing only on biophonic sources, not calculated in R 

Index Abb. Principle Reference Calculation 
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Platform 

Ratio of Biophony to 

Anthrophony 
ρ 

Ratio of Biophony to 

Anthrophony 
31 - 

Biophony - Biophony Level 23 - 

Biophony Peak 
bio-Peak 

 

Biophony Level 
32 - 

Median of Amplitude 

Envelope 
MAE 

Median and Amplitude 

Envelope 
20 - 

Relative Avian 

Abundance 
- 

Area Under Spectrum in 

Relation to an Amplitude 

Threshold 

19 - 

 
Past studies on the urban sound environment, traffic noise and noise mapping have used a wide 

range of decibel-based measurements (10, 12, 13). To be able to compare past studies with SALVE and 
provide insights that the WAM approach could yield in sound environment studies, nine of these 
decibel measures are included in WAM.  These measures are calculated automatically by the NTi 
sound measurement device employed in the SALVE project, by the Kaleidoscope program for 
recordings from the AAD devices, or are computed within Excel as combinations of decibel 
measurements from the NTi recording log or Kaleidoscope (Table 4). 

   
Table 4 – Decibel-based indices for inclusion in the WAM approach 

Index Abb. 
Principle 

Reference 
Calculation 

Platform 

Equivalent Continuous 

Sound Level 
Leq 

Constant Average Decibel 

Level 
10 NTi 

Day-night Level LDN 
24H Lp average with 10dB 

Added to Evening Hours 
10 Excel 

Day-Evening-Night 

Level 
Lden 

24H Lp Average with 5dB 

Added to Evening Hours 
10 Excel 

Traffic Noise Index TNI 
An Algorithm Composed of 

L10 and L90 Levels 
10 Excel 

Noise Pollution Index LNP 
An LAeq Variation Accounting 

for Short-Term Variability 
10 Excel 

Equivalent Sound 

Pressure Level 
LAeq 

Total Sound Energy Received at 

a Location 
10 NTi 

Level L10 L10 
Noise Level Exceeded 10% of 

the Time 
11 NTi 

Level L50 L50 
Noise Level Exceeded 50% of 

the Time 
11 NTi 

Level L90 L90 
Noise Level Exceeded 90% of 

the Time 
11 NTi 
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The literature review concludes that a combination of the 23 alpha and beta indices that can be 
automated in R Studio, plus the one cluster analysis automated in Kaleidoscope, plus nine 
decibel-based measures will result in a WAM of 33 indices that cover a broad spectrum of sound 
indices. The Acoustic Diversity Index (22) has been excluded from WAM since it was found to contain 
an error, thus Shannon’s Index will represent acoustic diversity.  

4. DISCUSSION 
Given the breadth of alpha and beta indices described in Sueur (16), one could argue that the 

utilization of variations of the single decibel (dB) measure to understand the urban acoustic 
environment would limit the total understanding of the acoustic environment compared to an approach 
that both dB and frequency (Hz) measures might be able to provide. When considering sound as dB 
alone, the traditional understanding has been in terms of sound pollution and decibel level durations 
that lead to human harm.  However, studies using the psychoacoustic approach described in Farina (1) 
and Kang (10) and solidified in ISO 12913-2 (4) have indicated that the total acoustic environment, 
rather than dB levels alone, can play a role in human soundscape perception in different acoustic 
environments.  Thus, the expanded WAM approach will quantify sound as both dB and Hz, over 
spatial-temporal extents.   

The use of alpha and beta indices, as well as dB measures, will allow a wide range of metrics to be 
evaluated against health outcomes and spatial structure, thereby offering the greatest chance for the 
explanation of human health outcomes or soundscape preference.  Alpha metrics compare the sound 
sample within itself, for loudness, frequency dominance, evenness, directionality of biophonic or 
anthrophonic sounds, frequency complexity, diversity and dissimilarity.  The beta measures compare 
sound recordings between each other, allowing the sound spectrum similarity or dissimilarity to be 
clustered and potentially for clusters to be defined by an array of sound sources.  The beta indices will 
be useful to define different urban sonotopes, which may have limited dB differences, but through 
cluster analysis can be shown to be composed of different sound sources.  Kaleidoscope will help 
isolate and identify individual sound sources from recordings and in clusters.   Analysis with WAM 
will enable a broad array of comparisons between urban structure and resulting acoustic environments . 
The addition of Hz indices may clarify the differences between the spread of sound pressure levels 
(SPL) as compared to frequencies in the urban acoustic environment.  

Two composite scripts containing all 11 alpha and all 12 beta indices will be developed in the R 
language to automate the calculation. Based on the initial development of the alpha script, the 
calculation for the 2920 DAP observations (730x4) is projected to take about 18 hours, whereas the 
calculation for the 493,555 AAD observations will likely require more than 120 days and an array of 4 
PCs running parallel temporal batches will be required.  The beta indices, which compare all 
observations against each other, will be calculated using a super computer at TU Dortmund.  
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ABSTRACT 
The potential conflicts between wind parks and the public are enormously enhanced after a rapid 

increase of wind parks. Assessment and management of environmental noise have played a vital role 
in the reaction of people concerning wind parks. This study uses an aural-visual preference survey to 
systematically investigate effects of background soundscapes and non-aural factors on annoyance 
toward wind parks. Visual and acoustic data were captured from seven German rural wind park sites. 
Laboratory experiments were then carried out with 40 participants to investigate the perception of 
the wind parks in rural areas. The tests consisted of three parts: 1) visual-only condition, 2) aural-
only condition, and 3) combined aural-visual condition. Participants were immersed through google 
cardboard in laboratories using virtual reality technology to evaluate properties of sound and visual 
environment. Results suggest that the annoyance of wind parks strongly correlated with sound level 
ambient wind parks. However, the visual information did not demonstrate substantial effects on the 
people’s opinions of wind parks. Further results show that the soundscape ambient wind parks 
associated with factors including "calmness/relaxation", "naturality/pleasantness" and "diversity." 
Additionally, "calmness/relaxation" and "naturality/pleasantness" were found to have a strong 
impact on the evaluation of wind park landscapes. 
Keywords: Soundscape; audio-visual impact assessment; virtual reality; Wind parks  

1. INTRODUCTION 
The concept of the soundscape, which refers to "acoustic environment as perceived or 

experienced and/or understood by a person or people, in context" (ISO12913-1, 2014). The 
soundscape was suggested by numerous researchers as a critical factor for the understanding 
perception of an acoustic environment (Brambilla et al., 2013; Brown et al., 2011; Kang et al., 
2016). The soundscape characteristics and sound level were implied as the prominent aspects of the 
annoyance evaluation (Szychowska et al., 2018). Moreover, the soundscape may dominate the 
preference degree to the environment due to its components and places with environmental identity 
(Carles et al., 1999). The soundscape in a rural area is a complex system. To characterize the 
soundscape in a rural area and verify its environmental identity, perceptual measure using 
multidimensional indices (semantical differential technique) was suggested (Galbrun and Calarco, 
2014). Previous research has indicated the need for categorization of the soundscape in different 
levels (Kang and Zhang, 2010; Torija et al., 2013; Viollon et al., 2002). Various investigations have 
used laboratory protocols to examine the influence of the sound to outdoor settings quality (Jiang 
and Kang, 2016), indicating the enhancing effect of nature-related sounds on residential setting 
quality (Anderson et al., 1983). Studies on traffic noise annoyance have widely been investigated, as 
an example, the influence of the visual aspect of barriers on railway noise annoyance has been 
examined (Maffei et al., 2013). However, the impact of ambient sound characteristics on the 
annoyance of wind turbines which are placed mostly in rural or mildly built-up areas was so far not 
clear (Janssen et al., 2011). Many residents near to wind turbines may spend a higher proportion of 
their time outdoors, thus considering the influence of the future ambient soundscape on a wind park 
annoyance will be a supplement for acoustic research. In the context of wind parks, a holistic 
approach to investigate the soundscape around wind parks and their effects should be conducted to 
improve environmental quality in rural areas. 

The landscape environment is rarely perceived in an isolated but multisensory way. Previous 
studies have confirmed the importance of the interaction between aural and visual information. The 
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vision and audition are commonly accepted as the significant modalities to perceive the environment 
(Hong and Jeon, 2014; Pheasant et al., 2010). Several studies have tested virtual reality (VR) 
technology for participatory evaluation (Yu et al., 2017), proving the applicability and advantages in 
scenario control for comparative presentations (Iachini et al., 2012; Jiang et al., 2017; Ruotolo et al., 
2013; YU et al., 2018). The public’s adverse reaction to new wind park projects, likely due to their 
noise, may be increased by the insufficient information of the projects. It was also suggested that the 
social acceptance would be enhanced through the accessible information and participatory of the 
public from the initial phase of the planning process (Simão et al., 2009; Yeh and Huang, 2014). 

This study, therefore, uses an aural-visual survey to investigate how soundscapes ambient wind 
parks affect the perception of wind parks and verify some non-aural factors might be considered as 
statistically significant among them. With the aim of characterizing the soundscapes ambient wind 
parks, various noise level indices and multidimensional scaling based on the semantic differential 
technique, which were previously used in the landscape studies, were adopted. As a result of this 
survey three questions will be answered: 

(1) Effects of sound level on wind parks; 
(2) Effects of visual information related to wind parks; 
(3) Perception of wind parks in terms of multidimensional indices. 

2. METHODOLOGY 
2.1. Site Selection 

Rural landscapes are complex and frequently characterized by various anthropic artificial 
processing, thus generating a broad diversity of soundscapes with profoundly different 
characteristics. With the aim of assessing the ambient soundscape of wind parks, a preliminary study 
with individual sound walks was performed around wind parks in Rostock, which is located in the 
north-east of Germany and a popular area for wind parks. According to the typologies of 
soundscapes around wind turbines in the previous studies (Pedersen et al., 2009; Torija et al., 2013), 
seven locations were selected: 

site 01: located within the main avenue with high road traffic flow with a large number of 
vehicles;  

site 02: located in a natural environment isolated from sounds of human activity, this site is 
dominated by bird sounds;  

site 03: situated next to a motorway;  
site 04: located in a residential area, including the sounds of people talking;  
site 05: located near a residential area, including sounds of outdoor activities;  
site 06 located in a residential area with a medium road traffic flow;  
site 07 situated in a natural environment with water sounds. 
As listed in Table I, these locations possess main features of a rural landscape, including central 

features of (high traffic flow, birds sound, motorway, human sounds, leisure activities, medium 
traffic flow, and water sound). For a better understanding of these sites, further related physical data 
will be described in the coming section.  

TABLE I Physical characteristics at each site. LAeq: A-weighted sound pressure level; N: 
loudness; S: sharpness; Fls.: fluctuating strength; R: roughness. 

Site Sound feature Category LAeq[dB] N[soneGF] S[acum] Fls.[vacil] R[asper] Number of 
WT

01 High traffic 
flow

Technological 
sound 65.3 46.06 3.21 0.017 3.24 4

02 Birds Natural sound 39.0 1.06 1.93 0.006 0.03 4

03 Motorway Technological 
sound 52.5 10.67 1.79 0.005 1.44 10

04 Human 
sounds Human speeches 50.2 2.85 1.46 0.005 0.24 10

05 Leisure 
activities Human speech 53.6 11.39 1.87 0.011 1.57 10

06 Medium 
traffic flow

Technological 
sound 41.2 9.7 1.8 0.010 1.2 5

07 Water Natural sound 43.7 9.7 1.8 0.010 1.2 10
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2.2. Aural Stimuli 
Binaural recordings were made with clear weather from 11:00 am to 3.00 pm using a dummy 

head with a height of 1.6 m and a recorder (DAT 208Ax, Sony) in the selected locations. Wind 
turbines should be placed at a distance of 800 to 1000 meter away from the residential house 
according to the local regulations (Plehn, 2012). Jallouli et al. also indicated that wind parks 
dominate noise perception if wind turbines were located within 1 km distance (Jallouli and Moreau, 
2009). In our study, positions for recordings were placed more than 1000 m to the wind park, the 
noise of wind turbines was thus irrelevant here. The wind speed during recordings was 7.2 ms-1. Our 
recorder was mounted with a windshield to block wind noise. A-weighted sound pressure level 
(LAeq) were recorded in 3 min. For laboratory experiments, the recordings were edited in Audacity 
and then a 32-s aural recording sample of sounds was excerpted from the aural recording. The 
analysis of four psychoacoustic metrics including loudness (N), sharpness (S), fluctuation strength 
(Fls.), and roughness (R) was performed through Artemis (Head Acoustics) Software to identify 
sounds at each site. The characteristics of each site are presented in Table I. 

2.3. Visual Stimuli 
Visual stimuli of wind parks based on the selected sites were created using Unity 3D, which is a 

cross-platform game engine and can build virtual scenarios for mobile devices. The model of the 
area and the wind turbines (height: 103m, the diameter of rotor: 105m) were modeled and textured 
using the 3ds Max modeling software. Both the auditory and visual components of the scenarios 
were uploaded to make the virtual environment as realistic as possible. The duration and loudness of 
sounds were normalized before being imported into Unity 3D. This simulation considers 
visualization of the built environment and the ground of the area and allows head tracking with the 
aid of a smartphone and a Google Cardboard headset. Sounds and scene view move in an immersive 
360-degree as the head moves. This VR technology ensures participants experience a high realistic 
simulated environment (Rafiee et al., 2018).  

2.4. Experimental design 
The primary purpose of our laboratory experiments is to investigate the ambient soundscapes on 

the perception of the wind park environment. The experiments consist of three parts: 1) visual-only 
condition, 2) aural-only condition, and 3) combined aural-visual condition. In total 21 stimuli (3 
conditions* 7 sites) were created. 

In the laboratory experiments, a total of 40 university students (Mean age: 26.8 years, standard 
deviation: 3.4 years) participated in the study of the perception of aural-visual stimuli in laboratory 
experiments. All participants had normal hearing and regular or corrected to normal vision, had no 
prior experience with wind parks and all were naive as to the purpose of the experiment. 

Participants were asked to rate their annoyance scores and acceptance of the wind park on each 
stimulus using a 7-point Likert scale from “not at all” to “extremely” (1 = “not at all”, 2 = “low”, 3 
= “slightly”, 4 = “neutral”, 5 = “moderately”, 6 = “very”, and 7 = “extremely”). The preference test, 
semantic differential (SD) technique, was suggested by previous studies used as a method for 
connecting public’s feelings at linguistic and psychophysical levels towards sounds and 
characterizing the soundscape (Cain et al., 2013; Kang and Zhang, 2010). In order to evaluate SD 
scales of a soundscape in considering the components found in existing studies, 10 pairs of bipolar 
adjectives (pleasant/unpleasant, various/monotonous, quiet/loud, smooth/rough, calming/agitating, 
comfortable/uncomfortable, open/closed, natural/artificial, ordered/disordered, and distinct/
ordinary) rated on a 7-point scale were selected (Hong and Jeon, 2013; Nilsson et al., 2012; Torija et 
al., 2013). Finally, socio-demographic questions were recorded, which includes attributes 
(“Gender”, “Age”). See also in Table II. 

Participants evaluated each stimulus under aural only, visual only, and aural-visual conditions. 
They were allowed to replay stimuli as many times as wanted to answer the questions. Each 
stimulus lasted approximately 32 s, and the testing order was randomized under each perceived 
condition. 

Each participant was tested individually. During the experiments, participants sat in a quiet 
room (< 40 dB) wearing a Google Cardboard headset with an embedded mobile device. The center 
points of the scenarios were aligned on the mobile device as represented by Unity 3D. Acoustic 
stimuli were delivered through the headphones (Sennheiser HD 598) plugged into the mobile device. 
The test sound level and the on-site recorded one were closely identified with each other as 
determined in Table I before the start of testing. All testing procedures were carried out between 
10:00 and 14:00 h in a quiet room, to avoid any effect of circadian rhythm. 

3. Results and discussion 
The general aim of this study was to investigate the ambient soundscape on the perception of a 

wind park. An aural-visual preference survey to investigate the effects of background sounds and 
non-aural factor on the perception of wind parks and their interaction was used. As described before, 
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the present study examined subjective responses to aural only, visual only, and combined aural-
visual stimuli. In the following, the analysis of the subjective responses is conducted. The semantic 
analysis of the descriptions of the sounds, the correlations between the preferences of wind parks, 
and sound level characteristics are provided below. 

TABLE II Index overview of the evaluated variables, the questions, and their scales 

3.1. Effects of sound level on wind parks preference 
3.1.1.Sound level characteristics 

First, a median test was performed to determine the reliability of the differences between the 
perceived annoyances at each site. The result shows a significant difference for the investigated sites 
[chi2 (6, N = 40) = 41.74; p < 0.001]. Second, a correlation analysis to determine the background 
sound characteristics with the perceived aural annoyance was applied under aural-visual condition. 
According to the results, a strong correlation between the perceived sound, the sound characteristics 
including the measured sound pressure level (p < 0.01), loudness (p < 0.05), fluctuation strength (p 
< 0.05), and roughness (p < 0.01) were found. Finally, the correlation coefficients with sound 
characteristics were calculated and presented below (Table III). 

This shows that loudness explained the most variance (81%), compared to sharpness (52%), 
fluctuation strength (60%), roughness (80%), and measured sound pressure level (74%). It was 
suggested that the aural annoyance was getting worse as the increase of the sound level of ambient 
sound at wind park sites. 

TABLE III The percentage of explained variance calculated using the correlation 
coefficient between the perceived annoyance and background sound characteristics. N: 
loudness; S: sharpness; F: fluctuating strength; R: roughness; LAeq: A-weighted sound 
pressure level. 

3.1.2.Dominant sound information 
In order to further examine how background sound information influences aural-visual wind park 

environment, overall preference score was compared between the visual only and mixed aural-visual 
conditions. Average general preference scores under these three stimuli conditions were illustrated 
as shown in Fig. 1. The ANOVA on annoyance rates were performed for each condition. According 

Index Indicator

Perception Question (P)

P1 Perceived annoyance in the stimuli (Scale: 1-7, from “not at all” to “extremely”)

P2 Preference score for the aural stimuli (Scale:1-7)

P3 Perceived realism of the stimuli (Scale: 1-7, from “not at all” to “extremely”)

P4 Acceptance with the integration of a wind turbine in the stimuli (Scale: 1-7, from “not at all” to “extremely”)  

Semantic Differential Test (SD)

SD1-SD10 10 pairs of bipolar adjectives: pleasant-unpleasant, various-monotonous, quiet/loud, smooth/rough, calming/agitating, 

comfortable/uncomfortable, open/closed, natural/artificial, ordered/disordered, distinct/ordinary. 

(Scale: 1-7, from “not at all” to “extremely”)

Socio-Demographic Questions (D)

D1-D4 Gender, Age

Sound characteristics vs. perceived annoyance Explained variance R2

N 0.81

S 0.52

Fls. 0.60

R 0.80

LAeq 0.74
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to our analysis, the differences in the mean annoyance rates between the visual only and aural-visual 
conditions at site 01, site 02, site 05, and site 06 were statistically significant (Fig. 1). There was a 
significant difference in preference score when aural information was added. The sounds at site 01 
and site 02 were considered as least preferred and most preferred one. The annoyance scores for the 
aural-visual stimuli increased at site 01 and decreased at site 02 regards the visual-only stimuli. At 
site 01 the dominant mechanical sounds may cause an adverse effect on the preference. On the 
contrary, at site 02 the dominant natural sounds may decrease the annoyance. At site 05, the aural 
input of human activities increased the annoyance for participants. The reason was that, where 
human activities took place nearby, allowance for any wind parks will be decreased. At site 06, the 
noise of traffic enhances the general annoyance score. 

The results indicate that the sounds influence the annoyance a lot. The addition of natural sounds 
(birds sounds) may increase the preference of the wind parks environment by a score of 0.75, the 
addition of mechanical sounds (traffic sounds) and anthropogenic sounds (human sound) may 
decrease the preference of the wind parks environment by a score of 2.73 and 0.65. For preference 
of wind parks under the aural-visual condition with dominant natural sounds would be the most 
preferred. For preference of wind parks with dominant mechanical sounds would be the least 
preferred. 
3.1.3.Human sounds 

To evaluate the level of acceptance of wind parks with different background sounds, the 
acceptance level of wind parks with the aid of the aural and visual stimuli was rated. The acceptance 
scores were illustrated under visual and aural-visual conditions at each site (Fig. 2). All of the 
investigated sites were considered as a highly accepted area for wind parks except site 04 and site 
05 where human sounds and activities happened nearby. 

!  
Fig. 1. Annoyance scores under visual only and aural-visual conditions at each site, where site 
01 was rated as the most annoyed one and site 02 was rated as the least annoyed one under 
the aural-visual condition. Error bars depict standard error values (*** = p < 0.001, ** = p < 0.01, 
= p < 0.05). 

!  
Fig. 2 Acceptance of wind parks under visual only and aural-visual conditions at each 
site, where site 01 was rated as the most annoyed one and site 02 was rated as the least 
annoyed one under the aural-visual condition. Error bars depict standard error values. 

Wind park projects should be limited to be planned in the leisure sites for human beings. 
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Although, wind energy was a renewable energy, which can bring the clean energy for human beings. 
Regards to its intrusion to the landscape and communities, this study suggests that planning of wind 
parks must be restricted near areas of human activities. 

3.2. Effects of visual information on wind parks preference 
In order to study the relation between vision and the subjective measures, analysis of aural 

annoyance between aural-only and aural-visual conditions was performed. The aural annoyance 
scores at each site averaged across all subjects were illustrated in Fig. 3. The result showed that the 
most perceived sound was site 02 with birds sound, whereas site 01 with high traffic sound was the 
least preferred (Fig. 3). Under the aural-visual condition, participants mostly dislike site 01 
including the high way sound, with a mean annoyance score of 5.5 (SD of 1.48). Compared to that, 
the mean annoyance score for site 02 with birds sound was 1.7 (SD of 0.9). The related annoyance 
scores for site 03, 04, 05, 06, and 07, are 3.4, 3.42, 3.38, 3.33, and 3.48, respectively. Overall, their 
annoyance scores remained similarly. Finally, it was suggested that there are no significant 
differences between aural-only and aural-visual conditions at each site (P > 0.05). 

!  

Fig. 3. Average ratings of the aural annoyance at each site under aural only and combined 
aural-visual conditions, where site 01 was rated as the most annoyed one and site 02 was 

rated as the least annoyed one. Error bars depict standard error values. 

The annoyance of wind parks was mostly on the sound levels of the simulation. The negative 
impacts of wind parks may depend on either the ambient natural or mechanical elements. 
Furthermore, according to the ANOVA analysis, no significant effect was observed for the 
annoyance scores and the number of wind turbines. The number of wind turbines may not affect the 
preference of wind parks at a distance of more than 1 km. 

3.3. Analysis of soundscape on multidimensional scales 
For the purpose of evaluating the key factors which characterize the soundscape around wind 

parks on multidimensional scales, the SD technique was used. Ten semantic descriptors were 
selected. Factor analysis of overall results under the condition of aural-visual was carried out to 
classify the ten semantic descriptors. The method of varimax rotation was selected to extract the 
orthogonal factors. The criterion factor of eigenvalue was set greater than 1. In total, three factors 
were determined, as shown in (Table IV). Factor 1 (42.4%) is mainly associated with “calmness/
relaxation” which was suggested by previous researchers (Sudarsono et al., 2016), including 
“smooth/rough,” “distinct/ordinary,” “quiet/loud,” “ordered/disordered,” “comfortable/
uncomfortable,” and “calming/agitating.” Factor 2 (15.6%) can be associated with “naturality/
pleasantness, ” including “open/closed,” “natural/artificial,” and “pleasant/unpleasant.” Factor 3 
(11.4%) is associated with “various/monotonous, ” composing “various/monotonous.” These three 
factors cover the main facets of designing the acoustics of a landscape region. The soundscape 
quality around wind parks correlates well with the attributes. 

After multiple regression analysis, the results demonstrated the dominant factors which best 
explain the influence of the perception of wind parks in the landscape with different ambient sounds. 
Furthermore, through Pearson’s correlation coefficients, the relationships between these factors and 
sound level characteristics were identified (Table V). Regarding factors obtained under the aural-
visual condition, it was indicated that “calmness/relaxation” was related to the acoustic 
characteristics of the loudness and fluctuation strength, as well as annoyance. Additionally, the 
“naturality/pleasantness” was related to the loudness, roughness, and annoyance. Both “calmness/
relaxation” and “naturality/pleasantness” showed a significant correlation with annoyance, which 
implies the importance of the “calmness/relaxation” and “naturality/pleasantness”  in the perception 
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of wind parks. Finally, there was no correlation between “diversity”, acoustical metrics and 
annoyance. 
TABLE IV Factor analysis of semantic descriptors under the condition of aural-visual. Kaiser-
Meyer-Olkin measure of sampling adequacy: 0.725; cumulative 69.487%. Rotation method: 
varimax with Kaiser Normalization; N= 40. 

TABLE V Pearson’s correlation coefficients between the selected sound metrics (** = p < 0.01, * 
= p < 0.05). 

4. CONCLUSIONS 
Investigating how new infrastructure projects, such as wind parks impact the quality of people 

living, is an essential factor in the landscape planning. Various factors need to be defined and 
indecently investigated regards the case of wind parks. In this study, the aural-visual simulation was 
used to evaluate soundscapes ambient wind parks without taking into account the noise of wind 
turbines. The background sounds and non-aural factor on the perception of wind parks and 
interaction between the aural and visual information were investigated. 

According to the results, the background sound characteristics including sound pressure level, 
loudness and roughness were strongly correlated with the perceived annoyance of wind parks. The 
aural information played a significant role in the preference of wind parks. The addition of bird 
sounds had a positive effect on the preference of wind parks. However, the addition of human 
sounds, traffic sounds, or water sounds ambient wind parks might decrease preference of the 

Component Factor 1 (42.4%) Factor 2 (15.6%) Factor 3 (11.4%)

Smooth 0.874

Distinct 0.858

Quiet 0.841

Order 0.692

Comfortable 0.679 0.468

Calming 0.659 0.451

Open 0.836

Natural 0.695

Pleasant 0.458 0.601

Various 0.919

Factor Psychoacoustic metrics Semantical factors

Shar
pness

Fluct
uation 

strength

Rough
ness

LAeq Ann
oyance

Calmnes
s/relaxation 

Naturality/
pleasantness 

Various/
monotonous

Loudness 0.948** 0.889** 0.946** 0.842* 0.898** 0.841* 0.790* 0.561

Sharpness 0.859* 0.842* 0.693 0.718 0.633 0.577 0.454

Fluctuation 
strength

0.881** 0.587 0.777* 0.756* 0.672 0.294

Roughness 0.812* 0.896** 0.916 0.843* 0.571

LAeq 0.859* 0.782* 0.794* 0.431

Annoyance 0.964** 0.971** 0.593

Calmness/
relaxation 

0.983** 0.644

Naturality/
pleasantness 

0.622

858



landscape. Additionally, the ratings of acceptance of wind parks demonstrated a high level of 
agreement for wind park projects and suggested a limitation of wind parks in the sites where human 
activities took place nearby. Furthermore, no significant correlation was achieved between visual 
information and annoyance scores. The visual information may not affect the preference of wind 
parks at a distance of more than 1 km.  

At last, the analysis of the soundscape on multidimensional scales indicated the importance of 
the “calmness/relaxation”, “naturality/pleasantness”, and “diversity” on the preference of the 
environment around wind parks. Among them, factors of “calmness/relaxation” and “naturality/
pleasantness” were strongly correlated with background sound metrics including loudness, 
fluctuation strength, roughness, sound pressure level, and perceived annoyance. The soundscape has 
a significant role in the evaluation of wind park landscapes. For a more reasonable acoustic 
environment within the context of landscape planning, the soundscape should be further considered 
and studied in future research. 
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ABSTRACT 
Soundscape studies are showing the importance and the benefits regarding the sonic the environment in our 
daily lives. Through the soundscape paradigm shift, not just negative aspects, common on environmental 
noise studies, are highlighted, but also how the sonic environment can be recovering to the welfare of 
communities. Thinking of the valuation of environments, past studies focused mainly on how much the 
environmental noise does cost for society. This kind of valuation followed several methods like hedonic 
pricing, contingent valuation, and benefits transfer methods, which are based just on economic factors 
involving socio-economic aspects. The aim of this study is to show a new approach which fits better with the 
soundscape paradigm shift, highlighting the valuation of positive and negative aspects of the evaluated 
soundscape, together with the interaction of socio-economic and socio-cultural aspects, as well as aesthetics, 
thermal-comfort and, air quality, which are other stimuli who can influence our general environmental 
perception. 
Keywords: Soundscape, Cost, Sound Perception. 

1. INTRODUCTION 
Acoustics is defined as the science of sound. A good definition and explanation of the scope of this 

science can be found in the book Springer Handbook of Acoustics, edited by Thomas D. Rossing, as 
follows: "The sound has become an interdisciplinary field that encompasses such disciplines as for 
example physics, architecture, psychology, communication and neuroscience. As branches of 
acoustics can be cited: architectural acoustics, physical acoustics, musical acoustics, psychoacoustics, 
electroacoustic, noise control, vibration and shock, underwater acoustics, speech, physiological 
acoustics, etc." (Rossing, 2007, p.1). Physics studies the phenomenon of sound itself and its 
propagation medium; psychophysics studies the physical reactions that stimulate the psychological 
part of the individual and through these, there are the interpretation of sound in the ecological, 
sociological, psychological and physiological aspects.  

The sound reaches the auditory system of an individual, whose sound perception is affected by the 
situation and the cultural environment, among other factors, and as a consequence, this noise can 
affect people´s welfare, health and to the economy of the region where they live giving rise to the  so-
called "environmental costs" (Lercher, 2013). 

In the year of 2012, Engel, through her master thesis entitled "Characterization of the Noise 
Pollution, Through Measurements, Mappings and Sound Perception Interviews at the Green Line in 
Curitiba – Paraná "led to several conclusions. One of them concerns the need for investigations in 
greater depth about the socioeconomic influence on the perception responses of soundscape and its 
impact on the quality of life of the involved communities.  

Interested in economic issues related to noise, several scholars have proposed different methods 
for the calculation of its economic cost. In 2011 the state of the art on the subject was exposed by 
Restrepo et al. in "Valoración Económica del Ruido: Una Revisión Analítica de Estudios". This 
environmental contaminant has a low cost of generation and its economic value is difficult to measure  
because it is influenced by the perception of the community and affects individuals (Regecove and 
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Rellevora, 1995), there are some methods of monetization of noise, but these all have their limitations. 
Among them, the following can be highlighted: the method of hedonic pricing, which establishes a 
relationship between the price of a good and the marketable attributes associated with it; in the case 
of noise, we evaluate the impact caused by the noise in the dwellings next  to the sources. A second 
method is a contingent valuation, which is based on the allocation of value to individual preferences 
established by direct feedback from consumers; to this end, the researcher may ask individuals how 
much they would be willing to pay to reduce noise. A third method is called benefits transfer method  
when the information of an original study is applied in a different context; for example, the averages 
of data from a study area calculated and then applied to another area.  

Currently, there are several publications that address the environmental costs associated to noise, 
which use the method of hedonic pricing (Brandt and Maenning, 2011; Püschel & Evangelinos, 2012; 
Bréchet & Picard, 2012). However, this method, although widely used, considers only objectively 
measurable variables, leaving out important factors, such as the commitment of families to their old 
home and neighbourhood, which was identified by Odling - Smee & Whitehead (1975) in the pricing 
of a property; in addition, there are also omitted subjective variables that influence the decision of the 
valuation and devaluation of properties. On the other hand, the contingent valuation method or 
marginal cost (Carlsson et al., 2004; Galilea & Ortúzar, 2005; Andersson and Ögren, 2006) uses 
socioeconomic research to identify consumer preferences in relation to the costs he is willing to take 
to stay in an area with a particular soundscape. Few studies have reported the benefit transfer method 
(Navrud, 2002; Rosenberger and Loomis, 2003), since it is difficult to apply a method that uses 
averages of objective variables easily measured in a certain location; these data cannot always be 
applied in different locations, since each study site has its geographical, cultural particularities and 
specific soundscapes, which influence the habits of its residents.  

A more detailed analysis of these methods leads to the conclusion that they focus only on the aspect 
of the economic costs caused by noise, omitting several important aspects such as: cultural, 
physiological, psychological, geographical, architectural, landscape, as well as, the sound quality and 
acoustic comfort, which all influence people’s health, the wellbeing and aggregate value in urban 
spaces” (Engel, 2013 - Original dissertation project). 

These aspects are in line with the concept of soundscape, which over time leaded efforts to establish 
an international standard about the conceptual framework for soundscape studies (ISO/FDIS 12913 -
1:2014). The aim of this study is to present a soundscape cost index that considers sociocultural, 
geographical, architectural, sound and air quality, as well as thermal comfort aspects. 

2. METHODS 
Environmental studies have shown that the soundscape of urban areas is an important aspect for 

the comfort of people in general (Raimbault et al. 2003): The association between the sound quality 
of the environment and comfort has been often debated in the last decade. Initially only sound levels 
indicators were analyzed and, over time, the concept of sound quality was expanded, as people became 
aware of the new dimensions of sound, such as (1) the compatibility of response to stimuli (2) to what 
extent sound is pleasing, (3) the possibility of identifying sounds or sound sources (Guski, 1997, ). 

Psychoacoustic magnitudes, such as loudness, roughness, sharpness and fluctuation strength 
(Zwicker and Fastl, 1999), have proved to be useful concepts for the evaluation of sound quality.  

To assess the soundscape quality, descriptors (Aletta et al. 2016), frameworks (Jennings & Cain, 
2013), and methodologies for data collection, such as soundwalks (Adams et al. 2008), listening tests 
(Susini et al., 2012), interviews (ISO/TS 15666, 2003, Simmons, 2014) and focus groups (Bruce & 
Davies, 2014), were developed.  

This study is presenting data collected though soundwalks in three areas in Aachen -Germany, 
called: Stadtgarten-Farwickpark (CA), Theaterstrasse (TE) and Westpark (WP). The first area, CA, is 
a residential area with a great urban park, which includes a conference venue, casino, playgrounds, 
sports courts, pools and spa, as well as a historic graveyard. The second area, TE, is a busy street, 
with access to the main train station, as well to the principal theatre from the town. The third area in 
another urban park, inside the student quartier from Aachen. There are a pond , several sports courts 
and playgrounds inside the park. 

It was established some objectives which help us to understand better the environment interaction 
and its perception, as well as socio-economic aspects and users’ preferences related to the sonic 
environment. For the development of the index, the main associations with sound conditions and its 
perception are: 
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 Microclimate and thermo-comfort; 
 Air quality; 
 Users’ profile in terms of context, demographic information, socio-cultural aspects, 

preferences related to the sonic, visual, thermal environment, air quality and its valuation;  
 Landscape, urban morphology, habits about the use of urban spaces;  

To understand how those aspects can influence the soundscape perception, some concepts will be 
explained in the sequence with the addition of current work in the soundscape field of study.  

 
A) Microclimate and Thermo-Comfort 
According to Tromp (1980), Biometeorology is the science which investigates direct and indirect 

irregular, fluctuating or periodic influences from physical, chemical and physiochemical micro and 
macro environments namely the Earth's atmosphere and similar extraterrestrial factors, physic -
chemical systems in general, and living organisms such as plants, animals and humans, in particular. 
It is common to compare bioclimatology to biometeorology, analogous to the use of the terms 
micrometeorology and microclimatology or the current convergence of meteorology and climatology.  

Human Biometeorology is divided into physiological, pathological, spatial and urban, as well as 
sociological Biometeorology. Faust (1976) distinguishes the (photo) actinic, the thermal and the air -
hygiene / air-chemical interaction. The actinic complex of action comprises the influencing factors of 
the radiation, Infrared and UV radiation as well as the visible light (German Weather Service). This 
effect complex incorporates solar and atmospheric radiation, according to the global radiation. 
Significant parameters are therefore short- and long-wave radiation. The actinic activity complex is 
influenced by the degree of cloudiness, which is recorded manually in the measurements, as well as 
by industrial evaporation, the altitude above the normal altitude and the time of day. The effects on 
humans are, for example, the delivery of radiation energy via the skin (depending on the outside 
temperature), health risks due to infrared heating, the absorption of vitamin D, pigmentation of the 
skin and effects on the state of mind. 

The thermal effect complex includes all the climatic factors influencing the heat balance of the 
human, i.e. all conditions "that have an influence on the heat exchange of the human body with its 
surroundings" (Turowski, 2002). The thermo-physiological important factors are air temperature, air 
humidity, radiation and air movement. Therefore, in addition to the radiation, the measurements 
include the air temperature (and the temperatures of the globe thermometer, which is more affected 
by solar radiation) and the humidity. 

Different heat balance models were developed, which form the basis for evaluation methods of the 
thermal effect complex. These include the comfort equation according to Fanger (1972), which is used 
to calculate the Predicted Mean Vote (PMV). 

Few studies investigated the joint combination of thermal and acoustic stimuli and its perception, 
and most of them focused on controlled indoor studies (Fanger et al. 1977, Clausen et al. 1993).  

 
B) Air quality 
Some studies have started to investigate the association of walkability with health conditions and 

environmental factors, including air pollutants like particulate matter (Bereitschaft, 2015; James et 
al., 2017). Even how the type of transportation mode can influence personal exposure to ultrafine 
particles has been assessed (Kaur and Nieuwenhuijsen, 2009). The perception of air quality by 
pedestrians is also a major concern, with investigations being carried out in German and 
Mediterranean outdoor environments to discover how particulate matter (PM10), nitrogen oxides 
(NOx) and carbon monoxide (CO) are perceived by the public (Nikolopoulou et al., 2011, Paas et al., 
2016; Pantavou et al., 2017). Dust and grime, as well as the smell can be perceived by the population 
(Forsberg et al., 1997), affecting behaviour and it is normally associated with traffic (Klæboe et al., 
2000). 

The association between air quality and sound perception was investigated some years ago by 
Nikolopou et al. (2011). This study realized filed surveys about microclimate, sound pressure level 
and particulate matter (PM) perceptions. Their findings suggested that the perception of particulate 
matter occurs with the help of visual effects, due to the significant negative correlation with solar 
radiation.  

 
C) Users’ profile 
 It was used in terms of context, demographic information, socio-economic conditions, socio-
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cultural aspects, preferences related to the sonic environment and its valuation  
According to the International Organization for Standardization (ISO/FDIS 12913-1:2014), the 

soundscape is defined as “acoustic environment as perceived and, or understood by a person or people, 
in context”.  

The context includes all non-acoustical components of a place, related to persons, between the 
interaction of person-place and the motivation for undertaking an activity in this place (Brown et al, 
2016). It is also shaped by visual stimuli, knowledge accumulated on the place and cultural meanings 
(Botteldooren et al, 2016). 

As mentioned above, persons and their preferences play a significant role in the soundscape 
evaluation, thus it is important to know the profiles of users who are evaluating the soundscape, 
making understandable the interaction person-place and the influence of the sonic environment on 
their everyday lives (Engel et al., 2016). 

In Engel et al. (2016), perception responses from residents and park visitors related to soundscape 
indicated a clear difference in the importance of acoustic attributes. Visitors highlighted that 
restoration; nuisance; comfort and intensity of the sonic environment were important sound quality 
attributes. Residents indicated that nuisance, intensity, comfort and finally restoration were important 
attributes for the sonic environment. Related to socio-cultural aspects, the most important predictors 
on the soundwalks were: age, gender, profession; and on the interviews wi th residents: motivation to 
live in Aachen, gender and profession. 

In Jeon et al (2018) a cross-national comparison assessment about soundscape perception was 
conducted with data from France, Korea and Sweden. The findings indicated the importance of the 
selection of attributes using proper wording which will lead to the same semantic interpretation in 
different countries.  

 
D) Landscape, urban morphology, habits about the use of urban spaces  
Various studies are showing recently the association between soundscape and landscape, which by 

an analogous view, these terms are representing the interaction of natural and human factors (Brown 
et al. 2016). The concepts of soundscape and landscape are based on human perception (ISO/FDIS 
12913-1:2014). This study collected landscape data considering , the method developed by Barton 
and Tsouro (2000) entitled “Healthy Urban Planning” approach, considering the following indicators: 
healthy lifestyle, social cohesion, housing quality, access to work, accessibility, local food production, 
safety, equity, air quality & aesthetics, water and sanitation quality, quality of land or mineral 
resources, and climate stability. 

 
All objective and subjective data were tabulated, classified, transformed into composites with 

averages, as well as standardized to have a similar scale, allowing complex statistical analysis. When 
it was required, imputations with predicted values were realized, completing possible missing data. 
This procedure were analyzed and realized with the help of IBM SPSS Statistics ®. After the data pre-
processing, it was calculated through linear regression a predicted model of the Soundscape Cost 
Index, considering “Soundscape Wish” as the dependent variable and the following parameters as 
independent variables: 

 Demographic composite 1 (Gender, categorized age, categorized nationality);  
 Demographic composite 2 (Time living in Aachen, motivation); 
 Standardized Mean of Noise Controle (NC) Perception (need of NC; NC need street or 

area, NC need building) 
 Standardized Mean of Soundscape Quality Perception (intensity, comfort, nuisance, 

welfare recovery); 
 Standardized Mean of Soundscape Acceptance and Cognitive Aspects (acceptance, 

emotions, memories, special feature – soundmark); 
 Standardized average Loudness; 
 Standardized average Sharpness; 
 Standardized average Hearing Model Roughness ½ Bark; 
 Standardized average Fluctuation Strength ½ Bark; 
 Standardized average Tonality; 
 Standardized average Sound Pressure Level A-weighted; 
 Standardized Mean of Air Quality (AQ) Perception (Feel overall AQ, Pureness AQ, 

Visualize Particulate Matter, Pleasantness AQ, Impression AQ); 
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 Standardized average Particulate Matter (PM) PM1;  
 Standardized average Particulate Matter (PM) PM2.5;  
 Standardized average Particulate Matter (PM) PM10;  
 Standardized Mean Thermal Comfort (Perception of weather perception, temperature, the 

heat of the sun, humidity, wind speed and wind speed comfort);  
 Standardized average Predicted Mean Vote (PMV); 
 Standardized Mean of Liked aspects related to Landscape (Healthy lifestyle, social 

cohesion, housing quality, accessibility, local food production, safety, air quality and 
aesthetics, water and sanitation, quality of land or mineral resources)  

 Standardized average of landscape distances (Healthy lifestyle, social cohesion, housin g 
quality, accessibility, local food production, safety, air quality and aesthetics, water and 
sanitation, quality of land or mineral resources).  

The SCI regression model will be compared with actual empirical data of real state (square meter 
values) from the investigated areas, collected at the website of Stadt Aachen, showing its efficiency. 

 

3. RESULTS AND DISCUSSION 
Considering all mentioned parameters above reported, the first version of the model presented R = 

0.585 with p-value 0.00, but several parameters were not significant for the construction of the model: 
Standardized Mean of Soundscape Quality Perception (p-value: 0.249), Standardized Mean of 
Soundscape Acceptance and Cognitive Aspects (p-value: 0.494), Standardized average Loudness (p-
value: 0.236), Standardized average Sound Pressure Level A-weighted (p-value: 0.132), Standardized 
Mean of Air Quality (AQ) Perception (p-value: 0.168), Standardized average Particulate Matter (PM) 
PM10 (p-value: 0.432) and Standardized average of landscape distances (p-value: 0.806). These 
parameters were removed from the independent variables list and the model was calculated again.  

The new SCI model presented R = 0.58, R Square = 0.337, with df (12) and p-value = 0.000. The 
new independent variables list showed the significance for all parameters as shown in Table 1. 

As resulting Soundscape Cost Index (SCI) we have: 
 
SCI = 0.827 – 0.389 X1 + 0.055 X2 – 0.093 X3 – 0.153 X4 – 0.427 X5 + 0.181 X6 – 0.086 X7 – 

0.432 X8 + 0.603 X9 – 0.078 X10 – 0.137 X11 + 0.213 X12  (eq.1) 
 
Comparing the index to real estate actual empirical data (monetary value per square meter), it is 

possible to see in Figure 1, that the mean at each evaluated point followed well the real estate values 
expected for the two park areas (Stadtgarten-Farwickpark and Westpark). Positive impressions about 
“soundscape wish” at CA1, CA2, CA4, CA6 and CA7, as well as negative impressions at W1, W4 W5 
and W7 are consistent to the real estate values of these areas. At Theaterstrasse, due to commercial 
speculation, the real estate values are overrated and showed no consistency compared to the SCI model.  

 
Table 1 – Coefficients of the Soundscape Cost Index Model 

Model 

Unstandardized 

Coefficients 

Standardized 

Coefficients 

t Sig. B Std. Error Beta 

1 (Constant) .827 .160  5.156 .000 

Demographic composite 1 (X1) -.389 .046 -.259 -8.400 .000 

Demographic composite 2 (X2) .055 .028 .061 1.959 .050 

Standardized Mean of Noise Controle 

(NC) Perception (X3) 

-.093 .030 -.093 -3.114 .002 

Standardized average Sharpness (X4) -.153 .031 -.153 -4.964 .000 
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Standardized average Hearing Model 

Roughness ½ Bark (X5) 

-.427 .039 -.427 -10.913 .000 

Standardized average Fluctuation 

Strength ½ Bark (X6) 

.181 .035 .181 5.202 .000 

Standardized average Tonality (X7) -.086 .032 -.086 -2.677 .008 

Standardized average Particulate Matter 

(PM) PM1 (X8) 

-.431 .112 -.431 -3.836 .000 

Standardized average Particulate Matter 

(PM) PM2.5 (X9) 

.603 .122 .603 4.941 .000 

Standardized Mean Thermal Comfort 

(X10) 

-.078 .030 -.078 -2.588 .010 

Standardized average Predicted Mean 

Vote (PMV) (X11) 

-.137 .036 -.137 -3.821 .000 

Standardized Mean of Liked aspects 

related to Landscape (X12) 

.213 .031 .213 6.927 .000 

Dependent Variable: Standardized Mean (soundscape wish) 

 

 
Figure 1 – SCI Mean vs Real Estate €/m2 

 
 

4. CONCLUSIONS 
The aim of this study was to show a soundscape cost index that considers sociocultural, 

geographical, architectural, sound and air quality, as well as thermal comfort aspects. 
Through this study was possible the development of a soundscape cost index based on subjective 

data of “soundscape wish”, which is showing the expectancy of soundwalkers regarding the evaluated 
sonic environments.  

This index presented an explanation of 58% of the evaluated data, showing consistent results for 
residential areas near to urban parks. Commercial areas with busy streets presented a bad rating 
according to the SCI, but in reality, they presented overrated real estate values, not fitting well with 
our prediction.   
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Soundscape Cognition for User Behavior in Urban Parks 
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ABSTRACT 
To investigate the cognitive components of urban park soundscape design, we evaluated soundscape 
preference based on visual object change factors for the background and people within the virtual reality 
(VR) environment. We investigated the changes in the sound pressure level and frequency characteristics 
among 18 evaluation points selected from three parks in Paris. For the investigation, sound environments of 
two minutes and 30 seconds during the daytime (10:00-14:00) were selected from each point using a 360-
degree camera (Insta360) and SoundField (SPS200) microphone. To investigate the behavioral characteristics 
of urban users, the image of each selected point was divided into 30-second segments, and objective 
characteristics, such as activity, group, posture, and density, were analyzed. We also evaluated subjective 
responses, such as soundscape evaluation factors, landscape evaluation factors, and overall satisfaction, to 
investigate the differences in soundscape cognition as behavioral characteristics changed at the same point 
in the park. To realize an immersive environment, the subjects were allowed to move freely in VR by 
reflecting the direction of the sound source and head rotations. Assessments of the level of immersion and 
sense of reality were used to verify the experimental environment. 
 
Keywords: Soundscape, human behavior, soundscape quality 

1. INTRODUCTION 
Soundscape has a close relationship with the landscape, and there are many previous studies that 

the perception of the soundscape perception depends on the composition of the landscape (1, 2). 
Furthermore, the effects of audio-visual components on recognition of soundscape and audio-visual 
interaction have been studied (3). In recent years, there has been an attempt to investigate the change 
of the sound environment according to the behavioral characteristics of the urban users in addition to 
the simple audio-visual effect investigation (4). However, there is little research on the relationship 
between the soundscape quality in a space and the human behavior of urban users. Although a 
recognition model for soundscape perception has been proposed, further study is needed because there 
are limitations on the consideration of user behavior and application of visual indicators (5). 

Virtual reality technology is widely used to reproduce the visual and acoustical conditions of a real  
environment. In recent years, there have been a lot of applied studies on indoor and outdoor noise, 
and methodological researches on the implementation of VR environment for soundscape evaluation 
have been made (6 - 8). Therefore, it is possible to implement similar conditions in the laboratory 
environment through the VR technology in a situation where control of the exper imental conditions 
is required, and the results of the previous studies show that the subjective evaluation results in the 
VR environment are similar to the actual ones, so they need to be practically used (9, 10)   

In this study, we implement the evaluation environment by applying the virtual reality technology 
and evaluate the soundscape of the urban park. First, we examine the perceived sound sources of each 
park's evaluation points, observe the behavioral characteristics of the park users, evaluate the 
soundscape quality, and finally examine the relationship between human behavioral characteristics 

                                                        
1 best2012@hanyang.ac.kr 
1 jyjeon@hanyang.ac.kr 
2 jean-dominique.polack@sorbonne-universite.fr 
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and soundscape recognition. 

2. METHODS 

2.1 Site Selection  
To investigate the effect of human behavior characteristics on soundscape recognition in urban 

parks, Arènes de Lutèce (A), Jardin des Tuileries (J), and Champ de Mars parks (C), which have 
different acoustic and visual characteristics around the Seine River in Paris, were selected.  The Arènes 
de Lutèce park is located near the residential area and is surrounded by buildings and has a green area. 
And it has a circular square in the center. The Jardin des Tuileries park has a large open space and a 
green area, surrounded by tall buildings, and there are distinctively different sized fractions. The 
Champ de Mars park also houses the landmark Eiffel Tower in Paris and features a large green area.  
Subjective response and objective measurement results were obtained at 12 points in total, and each 
evaluation points is shown in Fig. 1.  

The A-weighted sound pressure level (LAeq) was calculated to determine the sound strength 
characteristics. LCeq-Aeq was calculated to investigate the relative low-frequency characteristics with 
respect to the sound spectral contents. Finally, LA10-A90 was calculated to investigate the temporal 
variability of the sound environment (See the table 1). 
 

 
Figure 1 – Panoramic view of selected evaluation locations 

 

Table 1 – Mean value of acoustic parameter of each evaluation locations 

Sites LAeq LA10-A90 LCeq-Aeq Sites LAeq LA10-A90 LCeq-Aeq Sites LAeq LA10-A90 LCeq-Aeq 

A1 54.5 12.4  21.8  C1 67.6 21.9  17.8  J1 65.0 24.4  18.5  

A2 42.5 5.0  28.4  C2 72.1 22.4  16.1  J2 64.2 18.9  19.3  

A3 54.8 22.1  22.4  C3 69.6 19.7  17.5  J3 56.1 12.1  21.9  

A4 60.4 23.9  20.7  C4 67.9 22.1  18.4  J4 66.0 17.5  19.6  
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2.2 VR soundscape recording and reproduction 
Soundscape data were recorded at 12 points at 10 am – 2 pm in October 2018. A spherical 

panoramic camera (Insta 360 camera), an ambisonic microphone (Soundfield SPS 200 microphone), 
and portable recording device (MixPre-6) were used to measure the audio-visual environment data. 
The recordings were recorded in A-format first-order ambisonic (FOA). A-weighted sound pressure 
levels were measured using a calibrated 1/2-inch microphone (G.R.A.S AE46) to calibrate the sound 
pressure level when reproducing recorded sources in a laboratory environment.  

A 360° camera image recorded with six channels was implemented with a head-mounted display 
(HMD). For the implementation of headphone-based 3D stereo sound, the sound source recorded with 
the A-format FOA was converted into B-format FOA using Unity software and down-mixed with a 
binaural track and reproduced using and open-type headphone (Sennhiser HD-650). The length of the 
evaluation source was set to 30 seconds, which is sufficient to answer the question through the pilot 
test. The sound pressure level of the recorded ambisonic audio at each evaluation point was calibrated 
using a head and torso simulator (Brüel & Kjær 4100) based on the value of the A-weighted equivalent 
continuity sound level of the 150 sec (LAeq,150-sec).  

2.3 Questionnaire 
Soundscape data were collected using a questionnaire and observation, and the questionnaire 

consists of 3 parts. The dominance of the perceived sound sources was evaluated using a 5-point likert 
scale, and the types of sound sources were classified into four categories: traffic noise, sounds from 
human activities, water sounds, and birdsong. The perceived affective quality at each location was 
also evaluated using eight adjective attributes. Human behaviour characteristics were investigated 
using observation method. The behavioural characteristics of every 30 seconds frame of the video 
taken at each evaluation positon were classified into three categorize: Activity (chatting, eating, 
loitering, talking on the phone, stroll with dog, talking a picture,  walking, jogging, riding, stroller), 
group (alone, group) (11). 

2.4 Procedure 
A total of 30 subjects (20 males, 10 females) participated in the evaluation of the soundscape, and 

all subjects had normal auditory capabilities. The test subjects were aged between 20 and 29 (mean 
age = 24.8, standard deviation = 1.98). The evaluation was conducted in the semi-anechoic room and 
the background noise was sufficiently low to be 30 dBA. The order placement of the evaluation points 
in the same park was set to coincide with the actual walking path, and the order of the park was set to 
be random. The length of the sound source was set to 150 seconds for each evaluation point, and each 
sound source was divided into 5 sections in 30 second intervals. Subjects were asked to answer the 
same questionnaire for a total of 60 sound sources (12 points  5 sound sources). To minimize the 
physical fatigue during the evaluation period, the subjects were allowed to have a sufficient resting 
time of about 10 minutes every 30 minutes.  

3. RESULTS 

3.1 Perceived sound sources 
The sound sources prominent at each evaluation point are shown in Figure 2. Percentage is the 

percentage of people who answered "heard a lot" or "dominated completely" out of the 5 -point scale. 
First, Park A is dominated by birds, because it is quiet and well-organized compared to other parks. 
In the case of Park C, the sound of people was predominant, which is considered to be due to the flow 
of people because Park C is a sightseeing spot and plays a landmark role in Paris. Park J showed that 
traffic, human, water, birdsongs can be heard well. Thus, it can be seen that the three parks have 
different acoustic characteristics. 
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Figure 2– Temporal variation in the dominant sound sources types for 5 different sampling period 

3.2 Human behavior  
The results of the observation of human behavior are analyzed and the overall characteristics are 

shown in Figure 3 and the specific activity types are shown in Figure 4. First, Figure 3 (a) shows that 
Park A has a higher percentage of people staying in the space, and (b) shows that many people are 
coming alone. Park C had a higher percentage of passers, as it was one of the tour courses, because 
of the high percentage of people who came and went for a while, most of them coming to the group. 
Park J showed the characteristics of Park A and C. The ratio of passer to stopper was similar. However, 
considering the size of the park, similar to Park C, the proportion of people coming to the group is 
higher than that coming alone. 
 

 
Figure 3 – Overall human behavior characteristics in different sampling periods 

 
As shown in Figure 4, there were many people who went to Park A without taking any special 

action. In Park C, the closer to the Eiffel Tower, the higher the percentage of people walking and 
taking photos and staying in the space. In Park J, the percentage of people who walked in the park 
was high regardless of the location. 
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Figure 4 – Specific human behavior characteristics in different sampling periods 

3.3 Soundscape quality 
Table 2 shows the results of the principle component analysis for eight soundscape attributes.  The 

Kaiser-Meyer-Olkin (KMO) measures of sampling adequacy was 0.71, respectively, indicating 
optimum levels. The Bartlett’s test of sphericity was clear (p<0.01). The soundscape quality of the 
park is expressed by three factors (Tranquil/Peaceful, Dynamic/Lively, Confusing/Uncomfortable). 
 

Table 2 – Rotated component matrices of the PCA using semantic attributes response 

Attributes Tranquil/Peaceful Dynamic/Lively Confusing/Uncomfortable 

Explained variance 26.30 24.00 18.48 

Pleasant 0.23 0.75 0.14 

Unpleasant 0.01 0.12 0.84 

Eventful -0.32 0.78 0.12 

Uneventful 0.74 -0.28 0.19 

Exciting -0.22 0.78 0.15 

Monotonous 0.82 -0.10 -0.07 

Calm 0.83 0.08 -0.20 

Chaotic -0.10 0.19 0.80 
 

The factor scores for each evaluation point are shown in Figure 5. Park A was relatively tranquil 
and peaceful, and in the case of A3, it was found to be negative in the vicinity of the road. Park C 
showed a high percentage of people and was rated as dynamic. In the case of Park J, there was no 
significant difference between factor factors. All three parks showed no significant difference with 
time. 
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Figure 5 – Temporal variation of the mean PCA component scores 

4. DISCUSSION 

4.1 Relationship between sound-sources and soundscape quality 
Table 3 shows the results of the spearman rho's correlation between the soundscape component 

results derived from PCA and the sound-sources perceived in the park. Traffic and human sounds were 
positively correlated with Dynamic / Lively, but they were found to be somewhat confusing. On the 
other hand, natural sounds (birdsongs, water) showed a positive relationship with Tranquil / Peaceful 
and showed positive contribution to soundscape evaluation. This is in agreement with the results of 
previous studies (3, 9) 
 

Table 3 – Spearman rho’ correlation between perceived sound sources and perceptual components of 

soundscapes (Bold < 0.01, underscore < 0.05) 

Attributes Tranquil/Peaceful Dynamic/Lively Confusing/Uncomfortable 

Traffic -0.57 0.41 0.39 

Human -0.69 0.68 0.30 

Birdsongs 0.56 -0.02 -0.71 

Water 0.29 -0.08 -0.31 
 

4.2 The influence of human behavior characteristics on soundscape recognition 
Table 4 shows the correlation between human behavior and soundscape quality. When we look at 

each group first, it shows that Tranquil / Peaceful is more influential when several people are in group. 
In the case of Stay, it was found that the higher the ratio of stopper, the more dynamic and lively the 
person staying in the space is. In the case of specific activities, the degree of walking or staying lightly 
rather than jogging / running or riding has a greater effect on Dynamic / Lively.  
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Table 4 – Spearman rho’ correlation between perceptual components of soundscapes for different human 

behavior characteristics (Bold < 0.01, underscore < 0.05) 

 Criteria Tranquil/Peaceful Dynamic/Lively Confusing/Uncomfortable 

Group Alone -0.39 0.48 0.28 

 Group -0.44 0.45 0.28 

Stay Passer -0.39 0.35 0.28 

 Stopper -0.48 0.53 0.29 

Activity Stopping -0.48 0.54 0.33 

 Loitering -0.26 0.39 0.22 

 Walking -0.43 0.43 0.25 

 Jogging/Running 0.03 0.17 0.18 

 Riding (Bicycle) -0.21 0.25 -0.03 
 

5. CONCLUSIONS 
In this study, the effect of human behavior characteristics on soundscape recognition was 

investigated through a VR environment in the laboratory to improve soundscape quality through 
inducing the human behavior in the urban parks. As a result, we identified three factors for soundscape 
quality and identified the relationship with human behavior. However, there is a need to investigate 
the differences in behavioral changes with time, and it would be more meaningful to study the effect 
of noise level or psychological density, such as perceived loudness or perceived crowd density.  The 
results of this study can be effectively and practically used from the viewpoint of human behavior in 
designing and improving the city park. 
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ABSTRACT 
Urban parks, in addition to providing a rest space for urban residents, also provide a restorative environment 
for relieving stress and relaxing. As the main environmental factor, soundscape affects environmental 
restorative quality. Small parks in high-density cities have special soundscape characteristics due to their 
crowded population. This paper selected a small city park in the central area of a city ---- Lu Xun Park

4,3000  and conducted soundscape study, including sound pressure level measurement, acoustic event 
recording, restorative effect evaluation and tourist questionnaire; ArcGIS was used for interpolation analysis  
and spatial analysis, and a soundscape map was constracted to explore the effects of soundscape on 
restorative effects. 
The results showed that: LAeq within the park ranged from: 44.5 dB(A) to 73.8dB(A), and exhibited 
obvious patterns in time and space; Sound composition included rich citizen activity sounds, natural sounds 
and surrounding road traffic sound. There are characteristic differences between these acoustic events in 
terms of significance and range of transmission, etc; Sound pressure level, acoustic event composition and 
landscape features combined affect the soundscape restorative quality of different patches. 
 
Keywords: small parks, soundscape restoration, soundscape map 

1. INTRODUCTION 
The typical characteristics of today's high-density urban life are excessive stimulation, accelerated 

rhythm, increased pressure on social competition, and increased adverse emotions , which are likely to 
cause a variety of mental illnesses such as depression (1). In some environments, it can help people 
reduce stress and various related negative emotions, reduce mental fatigue and even promote mental 
and physical health. This environment is called a “restorative environment” (2). The concept of 
“restorative environment” was first proposed by Kaplan and Talbot (1983), professors of the 
University of Michigan in the United States. They studied the psychological impact of two weeks of 
life away from city and found that it had a restorative function for most people. Kaplan proposes the 
concept of “restorative environment” and defines it as an environment that enables people to better 
recover from mental fatigue and negative emotions associated with stress (3). 

Based on the characters of urban human settlements in China, the national standard “Park Design 
Specification GB51192” defined a park as: “A park is for public visits, viewing, rest, scientific culture 
and physical exercise, with completed facilities and green environment" (4). Urban parks dominated 
by the natural environment, especially those close to people's residences, in addition to the need to 
assume general functions, also have important significance for the provision of restorati ve benefits 
(5). 

In 2014, the International Organization for Standardization (ISO) defined Soundscape as acoustic 
environment as perceived or experienced and/or understood by a person or people, in context (6). The 
promotion or hindrance of environment restoration quality are called "soundscape restoration 
                                                        
2* jzdxzhy@163.com 
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benefits" (7). 
This paper selected Lu Xun Park, a small high-density urban park in Shenyang. The surrounding 

residential areas are dense, and three sides of it are adjacent to the urban roads. The natural landscape 
inside the park is abundant, and various acoustic events occur regularly, giving an abundant 
soundscape. Through the investigation and comparison of LAeq in different periods, this paper analysed 
acoustic environment quality, and classified typical acoustic events. Typical acoustic events were 
selected and their impact area were recorded. These were used to analyse the restorative quality of 
landscape patches. 

2. MATERIALS and METHODS 

2.1 Analysis of Space and Environment in Shenyang Lu Xun Park 
Lu Xun Park is located at No.6, West Binhe Road, South of Heping District, Shenyang City, 

Liaoning Province. The park covers an area of 43,000  and has a water surface area of 4,390 . It is 
a small urban park. The park is surrounded by walls and has an artificial lake, fitness equipments, and 
a hill. The park is adjacent to the South Canal in the south, the old-fashioned residential quarter in the 
west, Shenyang Radio and Television University and Luyuan Community in the north, and Luyuan 
Community in the east, as shown in figure 1. 

 
Figure 1 – Lu Xun Park Plan Analysis 

2.2 Soundscape survey and soundscape map 
The on-site investigation was divided into two parts, namely LAeq measurement and acoustic event 

recording. The park was divided into 15m*15m grids. A convenient measurement point was selected as 
a measuring point at the centre of each grid, with a total of 139 effective measuring points. On a typical 
working day (May 6, 2019), data were collected in the morning, midday and evening. The surrounding 
road traffic conditions and crowd characteristics in the park are shown in Table 1. 8 pre-trained 
surveyors started simultaneous measurement from the starting grid at each same time period according 
to a preset walking route, and ensured that all the grids in the responsible area were measured within 30 
minutes. The measurement content at each grid point includes 1min LAeq data (Secondary Sound 
Level Meter); geographic coordinates of the measurement point (Omap APP); the measurement 
point acoustic event significant order (acoustic event significant quantity table).ArcGIS interpolation 
analysis(9) was used to analyse the collected data and to construct a soundscape map. 

Table 1 - Analysis of measurement period characteristics 

Period Time Traffic conditions Crowd characteristics Activity characteristics 

Morning 7:30-8:00 Early peak Mainly middle-aged  Abundant exercise  

Midday 11:30-12:00 platykurtic Mainly middle-aged and a few young children Many recreational activities  

Evening 18:00-18:30 Late peak Mainly middle-aged and a few children More fitness activities 
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2.3 Soundscape walk and subjective evaluation 
The soundscape walk is a way for the listener to feel the soundscape positively and 

comprehensively, namely, listen to the soundscape of each area slowly along an established route [8]. 
According to the landscape features, the park was divided into 7 landscape patches. 8 surveyors with a 
background in relevant professions (Architecture: 4, Landscape: 4) (Shenyang Jianzhu University, 
China) were divided into 4 groups each with one male and one female to avoid gender bias. 4 groups of 
surveyors took a soundscape walk in the park and performed a soundscape experience and restorative 
evaluation. In order to avoid sequence effect, the four groups of surveyors used different walking 
routes, two of which started from the south gate, and the other two groups started from the north of the 
park, and from each gate circled the park clockwise and anticlockwise. 

Within each patch, each surveyor recorded the subjective perception of the soundscape, including 
“relaxing feeling”, “beautiful experience”, “exploratory of connotation” and “immersion”. The 
specific semantic description is shown in Table 2 (8). All the above indicators used the 5-level 
semantic difference scale, and the average score of the four dimensions had been used as an indicator 
to characterise the restoration quality of the patch. 

Table 2 - Soundscape Restoration Rating Scale 

Restorative feeling of soundscape Semantic description Rating level 

Relaxing feeling Relaxed - nervous, gentle - stimulating 
very strong, strong, 

average, weak, very 

weak 

Beautiful experience Beautiful - ugly, like - hate 

Exploratory of connotation Interesting - boring, positive - negative 

Immersion Pleasure - trouble, comfort - uncomfortable 

3. RESULTS 

3.1 LAeq, acoustic events distribution and soundscape map 
3.1.1 LAeq and distribution 

The latitude and longitude of the 139 measuring points and the LAeq of the three periods were 
imported into ArcGIS, and the typical working day LAeq distribution mapping was obtained by Inverse 
Distance Way (9), as shown in figure 2. 

 
Figure 2 – Typical working day LAeq distribution  

It can be seen from the figure that the overall LAeq in the park is large and the sound environment is 
noisy. It is 45.3-73.7dB(A), 45.3-72.8 dB(A) and 45.9-73.8 dB (A) in the morning, midday and 
evening respectively; through variance analysis, the LAeq difference between morning and midday was 
deemed significant (0.01<P=0.021<0.05), and the difference in LAeq between morning and evening 
was also significant (0.01<P=0.034<0.05).There are also differences in the distribution of LAeq at 
different spatial locations in the same period. 
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Morning is the noisiest period of the day. LAeq in more than 52.5% area exceeded the 55 dB(A) (10) 
specified by the acoustic environmental quality standard. At this time, the park was greatly affected by 
the early peak traffic of the external roads and, morning exercise. There were many types of activities 
in the park and the active population was dense, which made the LAeq in the morning park high. The 
areas with higher LAeq were mainly distributed on the north and southeast sides of the park. The 
squares on the north side of the park were larger, and the activities of the crowds were more abundant, 
such as fan dance and square dance. Although the vegetation on the southeast side was dense, there 
was a typical acoustic event, playing the flute, which had strong penetrating power and a large 
influence range, giving rise to a relatively high LAeq. 

The overall LAeq in the midday was low, and the area with LAeq exceeding 55 dB(A) accounted for 
36% of the total area. During this period, there were fewer traffic outside the park, and the traffic noise 
inside the park was not obvious. Natural sound perception was more obvious. At this time, the number 
of people in the park was the lowest. The crowd activities were mainly leisure and recreational, but 
there were also a small number of other activities, such as playing saxophone, chorus, etc. The areas 
with higher LAeq were mainly distributed in the hard square on the north side of the park, where crowds 
were more concentrated. 

The overall LAeq in the evening was slightly higher than that in the midday, slightly lower than the 
morning, and the area with the LAeq exceeding 55 dB(A) was 43.9%. Due to the late peak, the traffic 
was loud and the natural sound was reduced. At this time, the park mainly focused on fitness and 
leisure activities, such as square dance. The areas with higher LAeq are mainly distributed on the north, 
west and south sides of the park with a large square. The LAeq of the activity square on the north side 
was the highest in the whole day, which peaked at 73.8 dB(A). 

From the spatial distribution difference of the park LAeq, it can be seen that there are large 
differences in different spaces. There is a large square on the north side of the park, which is the main 
activity area for tourists, and the crowd activities were concentrated, so the LAeq is larger; the west side 
square has more fitness equipment, the crowd is mostly fitness activities, LAeq is lower than the square; 
The south side of the park is adjacent to the city's secondary trunk road, which was seriously affected 
by traffic noise, and the LAeq is larger.; the east side of the park is abundant in vegetation, with not 
much open space, the crowds have less concentrated activities, and the LAeq is lower. 
3.1.2 Acoustic events and distribution 

A total of 18 acoustic events were recorded in the three periods, which were classified according 
to the type of sound source, as shown in Table 3. Among them, natural sounds include d birdcall, 
wind blowing leaves, and wind; traffic sounds included external traffic, bicycle ringtone, the two 
together constituted the park background sound; the active sounds are from abundant citizens' leisure 
and fitness activities and included acoustic instruments sound, equipment sound, and human sound 
constitute the foreground sound of the park. 

Table – 3 classification of park sound events 

Sound category  Specific acoustic event sound 

Natural sound  Birdcall, wind blowing leaves, wind 

Traffic sound  External traffic, bicycle ringtone 

Active sound 

Instrument sound saxophone, erhu, flute 

Equipment sound Table tennis, bounce ball, radio, square dance, fan dance 

human sound Conversation, children's play, exercise, fit walking, chorus 
According to the saliency degree of the acoustic events recorded by the surveyor, the traffic 

sound, natural sound, and the active sound are assigned 5-0 respectively, wherein 5, 4, 3, 2, 1 and 0 
are very significant, relatively significant, general, relatively slight respectively, very slight and 
almost inaudible.  

Using ArcGIS, soundscape map was constructed by the method of Kriging interpolation, as 
shown in Figure 3. The traffic sound, active sound, and natural sound are represented by red, yellow 
and blue. After superimposition different colors appear, which can express the different types of 
sound composition and its significance in the park (11).  
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Figure 3 – Acoustic event distribution map 

It can be seen from the figure that there is a large difference in the distribution of sounds in 
different time periods at the same space; the distribution of sounds between different spaces at the 
same period also had a large difference. From the distribution in time it can be seen that, the morning 
period was the early traffic peak and crowd fitness period. The sound of the park was mainly active 
sound. Traffic sound was more significant, mainly distributed in the southeast side of the park 
adjacent to the urban road, and the natural sound was mainly distributed in the north side of the park, 
occupying less area; in the midday the park was quieter, active sounds becomes weaker, while 
natural sound was strengthened and mainly distributed in the dense vegetation area on the east side 
of the park. At this time, the traffic sound of the park was mainly distributed in the south side of the 
park adjacent to the urban road. In the evening, there was a late traffic peak, and the active sound 
was higher than that in the midday. The traffic sound was more prominent, and it is distributed on the 
south side of the park near the urban road. 

From the spatial distribution it can be seen that the park was abundant in activities throughout the 
day, and the active sound was more obvious, distributed throughout the park; the number of birds in 
the park was large, and natural sound was mainly concentrated in plant-intensive places, such as the 
east side of the park; There were urban roads adjacent to three sides of the park, but there were walls 
surrounding the park, making traffic sound not as obvious, mainly distributed on the south side of 
the park, close to the urban roads. 

3.2 Typical acoustic event perception saliency and impact surface analysis 
3.2.1 Significance analysis of acoustic event perception 

There are abundant active sounds in the park, as well as natural sounds and traffic sounds. The 
three types of sounds together constitute the acoustic environment of the park. The 18 acoustic 
events recorded by the surveyors are classified into 5-1 grades according to sound saliency, as shown 
in Table 4. 

Table 4 – Significant analysis of acoustic events 

Significant level classification Acoustic event 

5 level External traffic, conversation, flute, saxophone, square dance, fan dance 

4 level Birdcall, chorus, Erhu 

3 level Bicycle ringtone, radio sound, children's play 

2 level Table tennis, wind, and bounce ball 

1 level Fit walking, wind blowing leaves 
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3.2.2 Typical acoustic event impact surface analysis 
Different sounds have different salience and range of influence, and different impact surfaces. 

According to the saliency ordering of acoustic events, the acoustic events with strong saliency, wide 
transmission range, and clear vocalisation points were selected as typical acoustic events, and impact 
surface analysis was performed, as shown in Figure 4. 

 

Figure 4 – Typical acoustic event influence surface and sound source point LAeq 

It can be seen from the figure that the typical acoustic event is divided into 4 categories: 
concentrated sounds but widespread, such as playing the flute and the saxophone; concentrated 
sounding and narrow transmission range, such as fan dance, table tennis, chorus; scattered sounds 
but widespread such as square dance, exercise; scattered sounds and spread a narrow range, such as 
children’s play. 

Playing the flute occured in the south side of the woods in the early morning period. Although there 
were more trees in the surrounding area, due to less activity under the forest and the flute sound being 
sharper, the propagation range was wider, and the LAeq of the sound source point was 66 dB(A). 
Playing the saxophone occurs near the pavilion in the middle of the park. The surrounding activities 
were less, the environment was wider, the sound spread was wider, and the LAeq of the sound source 
point was 60.5 dB(A). 

Fan dance occured on the west side of the artificial lake. The area is relatively open, and the water 
surface absorbs sound strongly. Therefore, the sound had obvious debilitation in the direction of the 
artificial lake on the east side of the sound source point. The LAeq of the sound source point is 57.8 
dB(A). The table tennis activity took place in the square on the west side of the park. Due to the 
enclosure of the west side wall, the sound weakness was less obvious on the west side of the sound 
source point, and it was more obvious because of the water surface on the east side. The LAeq of the 
sound source point was 54.8 dB(A). On the west side of the chorus was a small mountain with a height 
of five metres. The east side was a park wall and the south side was the entrance square. The sound 
shows a relatively weak performance in the direction of the wall. The LAeq of the sound source point 
was 71.9 dB(A). 

Square dance was mainly distributed in the square on the north side and the south side. The active 
music sounds loud, the range of propagation and interference was large, and the influence surface was 
large. The LAeq of the three sound source points was 73.8/63/60.5 dB(A) respectively. The exercise 
activities were mainly distributed in the squares on the north side and the west side. The sound spread 
narrow and rapidly attenuated to the periphery. The LAeq of the two sound source points was 69.5/56.7 
dB(A) respectively. 

Children's playing sounds had multiple sound source points, mainly distributed in the squares and 
the artificial lake around the north. The LAeq of the two sound source points were 48.7/48.4 dB(A) 
respectively.  

3.3 Landscape patch soundscape recovery experience 
The scores of the subjective perceptual experience of the soundscapes were tested by Kendall's 

Harmony Coefficient. The Kendall’s harmony coefficient Wa=0.317, X2 = 68.472, and the significance 
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test for X2 is 0.00<0.001. It reached a very significant level, and this shows that the 8 reviewers had a 
high level of consistency, so the average of the 8 reviewers' scores can be used as the score for the 
restoration quality of each landscape patch; the scores of the subjective perception of the soundscape 
were then sorted, and the total mean of the restoration quality of each landscape patch was obtained, as 
shown in Figure 5. The LAeq mean and variance of each landscape patch in the corresponding period of 
subjective evaluation were calculated, as shown in Table 5. 

 

Figure 5 – Soundscape Restoration Quality Score and Total Mean 

Table 5 – LAeq mean and variance of each plaque 

Patch 
Under 

forest 

Artificial 

lake 

Leisure and 

recreation 
Hill 

Entrance 

square 

Fitness 

square 

Activity 

square 

mean LAeq 

(dB(A)) 
50.9 53.2 50.5 52 53.3 53.6 60.4 

Variance 77.6 11.5 5.9 13.9 70.4 7.5 96.5 
It can be seen from the figure that the total mean of the soundscape restorative quality in the patch 

of under forest is the highest, the total mean of the artificial water patch, the leisure and recreation area 
and the hill area is higher, the entrance square and the fitness square, which were in turn higher than 
that of the activity square is the lowest. 

The under forest area was densely vegetated, with beautiful scenery, abundant natural sounds, a 
small number of square, and a few crowded activities. The two dimensions of “relaxing feeling” and 
“immersion” were higher. Although the LAeq mean was low and the overall environment was quiet, the 
patch had typical acoustic events concentrated in the source points, such as the flute, so the LAeq 
distribution was not uniform and the variance was large. 

The artificial lake had less greening, less natural sound, more open water surface and no waterside 
activity, so it had lower exploratory. However, due to the hydrophilicity of humans, the score was 
higher in the dimension of “beautiful experience”. The LAeq mean was higher and the variance was 
lower, indicating that the patch was relatively open, lack of occlusion of sound propagation, and LAeq 
distribution was uniform. The leisure recreation had a high vegetation coverage rate, and the natural 
sound was more obvious. It mainly included activities such as fit walking with less interference, and 
the area was far away from the street, and was less affected by traffic sounds. The “relaxation feeling” 
dimension was higher. The LAeq mean and variance were both low, indicating that the LAeq was overall 
low and evenly distributed. There was a large height difference in the hill, and there was a large 
occlusion in the sound transmission. However, the view of the top of the hill was wide and the scenery 
is beautiful. The entire park can be seen. The “relaxation feeling” dimension was high, the LAeq mean 
and the variance was low, indicating that the patch was relatively quiet. 

The entrance square had low vegetation coverage, low natural sound, and there were large squares 
in the patch, which carried more crowd activities, such as fitness, square dance, crowd conversations . 
The patch was located near urban roads. The traffic sound was loud and the LAeq mean was high, but 
the activity of the patch was more concentrated, and there was an entrance wall, so the variance was 
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large. The fitness square has few plants, and there are many fitness activities, which gave people a 
positive feeling. Therefore, the “exploratory of connotation” was higher, but the sports equipment was 
densely distributed, the crowd activities were concentrated, and the patch lacked occlusion. Therefore, 
the LAeq mean was higher and the variance was smaller. 

There was little greening in the activity square area, the plant absorbed soundless, so the natural 
sound was lower, the patch had a large square, public activities were more abundant, the sound was 
noisier, and the was affected by surrounding traffic sound. The LAeq mean and variance were the largest. 
It showed that due to the concentrated activities in the region, the sound attenuation to the periphery 
was weak, and a variety of sounds intertwined. 

4. CONCLUSION 
According to the statistical results of the data, it can be seen that the LAeq of the park has different 

distributions in time and space. Different acoustic events have different influence surfaces. LAeq, 
acoustic events and landscape features affect the restoration quality of the soundscape:  

 The LAeq distribution in the park was 44.5-73.8dB(A), in which LAeq was the highest in the 
morning, lowest midday, and medium in the evening, and was higher on the north side of the park. The 
LAeq of the central east part was significantly lower than rest of the park. LAeq distribution in the park 
was not uniform; 

 The sound composition of the park included abundant citizen’s activities, natural sounds and 
surrounding road traffic sounds. The analysis of typical acoustic events revealed that different acoustic 
events had characteristic differences in significance and influence surface;  

 According to the restoration quality scores of the landscape patches the L Aeq mean, and LAeq, 
acoustic event composition and landscape features of the seven patches were different, which affected 
the soundscape restorative quality. 
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ABSTRACT 
This paper proposes the concept of soundscape synthesis based on improving existing soundscapes with 
optimization through Genetic Algorithm. As a goal function for optimization the parameter of some 
soundscape called Total Distraction Coefficient (which depends on loudness, sharpness and loudness growth 
rate) is chosen by which one can synthesize an improved soundscape. To verify the proposed concept two 
representative (and familiar to most urban residents) soundscapes are further analysed and compared (namely, 
a children's park and an expressway). Using Genetic Algorithm (with previously known Total Distraction 
Coefficient) two new soundscapes are synthesized from each soundscape- one with higher and one with 
optimum Total Distraction Coefficient (i.e. the soundscapes supposed to be perceived as "worse" and "better" 
than the starting one, respectively). The obtained soundscapes can serve as a basis for further subjective 
testing. 
 
Keywords: Soundscape Synthesis, Genetic Algorithm, Total Distraction Coefficient, Subjective Perception 

1. INTRODUCTION 
Nowadays, each individual is exposed to noise on a daily basis. Noise pollution is often overlooked 

when compared to other different environmental pollutions (e.g. air pollution, water pollution, soil 
pollution etc.). However, same as the all aforementioned pollutions, noise exposure has an 
accumulating character, meaning that the harmful effect of noise is detected only after a long period of 
time (1). Long exposure to noise pollution can be displayed as a bad mood, fatigue, insomnia, 
headache and loss of concentration, which causes reduced work ability and ultimately permanent 
hearing impairment (2-4). Bearing in mind the ever increasing problem of noise pollution the concept 
of soundscape was introduced in order to amend and supplement the assessment of noise and its effects 
on humans (5, 6). Soundscape studies offer a more intuitive and interdisciplinary approach to noise 
and its numerous consequences. This particular field of research is becoming very propulsive and 
everyday more and more scientists with different areas of expertize are being included while trying to 
make their contribution in terms of improving the overall quality of life especially in urban areas (e.g. 
acoustic engineers, urban planners, psychologists, architects, doctors etc.). Their common goal is to 
link objective and subjective acoustic parameters, to plan future urban infrastructures keeping in mind 
the existing soundscapes (e.g. building while not deteriorating the sound environments) and to create 
and implement new solutions that will design, preserve and improve acoustic environments  (7, 8). 
Thus, we can conclude that nowadays more and more soundscape studies are oriented towards human 
health, well-being and overall quality of life (9). 

Bearing in mind all of the aforementioned, in our previous research we have proposed a simple 
acoustical model, which allows one to quantify how much typical urban acoustic environments are 
subjectively perceived in terms of affecting the listeners’ concentration. For that purpose, we have 
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recorded several different soundscapes which were then reproduced to listeners in laboratory 
conditions. It was found that the linear model is adequate for calculating the parameter which we 
named respectively Total Distraction Coefficient (TDC). For instance, the lowest TDC was obtained 
for the soundscape of stream (10). 

The motivation for this research is to use the Genetic Algorithm (GA) as an instrument which will 
optimize the parameter Total Distraction Coefficient (TDC) and furthermore allow us to synthesize 
improved versions of existing soundscapes. The obtained soundscapes were then tested and compared 
in terms of subjective perception.  

 

2. EXPERIMENT: THE TOTAL DISTRACTION COEFFICIENT (TDC) 
OPTIMIZATION 

In our previous research (10) we have obtained a mathematical expression for the numerical 
parameter which we term Total Distraction Coefficient (TDC): 

 
        (1) 

  
where LDIF, LGDDIF and SDIF are ratios of difference value and the mean value of the three considered 
objective acoustic parameters themselves namely loudness, loudness growth, and sharpness (e.g. 
loudness difference was calculated LDIF=ΔN5/Nmean). This numerical value is envisaged as a 
characteristic value of the soundscape and can serve as an objective parameter or a measure for 
evaluation of soundscapes. Linear regression and linear model have been selected after calculating 
both linear and nonlinear models. It was found that nonlinear models do not give significantly better 
dependence on the results of the three aforementioned acoustic parameters. This claim is verified by 
the fact that the standard error was significantly higher in nonlinear models. Thus, linear model can be 
considered as adequate enough for determination of the distraction coefficient.  

 For this particular study we have selected two soundscapes which are familiar to most urban 
residents: a children’s park and an expressway (shown in Figure 1). The calculated deviation factors 
(objective measures) and Total Distraction Coefficient (TDC) for the considered soundscapes are 
shown in Table 1. 

 

 
Figure 1 – The selected locations for further analysis 

 
Table 1 – The calculated deviation factors and Total Distraction Coefficient for the considered 

soundscapes 
Soundscape type LDIF LGDDIF SDIF TDC 

Children's park 1.48 3.9 0.27 0.343 

Expressway 0.83 3.45 0.28 0.28 
 
In addition, our previous studies have shown that the soundscape of a stream has the lowest Total 
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Distraction Coefficient TDC = 0.184 (10). Therefore, this experiment is designed in order to achieve 
the same TDC for the children’s park and expressway by using the Genetic Algorithm (GA).  

 

2.1 The Genetic Algorithm (GA) 
 
The Genetic algorithm (GA) is an adaptive empirical search algorithm based on the evolutionary 

ideas of natural selection and genetics (11). As such it represents an intelligent exploitation of a 
random search used to solve optimization problems. Although randomized, GA is by no means random, 
instead they exploit information to direct the search into the region of better performance within the 
certain search area. The basic techniques of the GA are designed in order to emulate processes in 
natural systems necessary for evolution, especially those which follow the principles of Charles 
Darwin i.e. “survival of the fittest”.  

Genetic algorithm starts with an initial set of random solutions called population and each 
individual in the population is called candidate units.  

The basic structure of the Genetic Algorithm (shown in Figure 2) is: 
1. Setting a random initial population P that is made from xi candidate units, where i =1, 2, … , 

N; 
2. Determining the Fitness Value of all candidate units from the population P; 
3. Selecting the best candidate units from the population P according to the predefined Fitness 

Value (the number of best candidate units which enter a new iteration of GA can be defined 
according to the study hypothesis); 

4. Creating a new population i.e. best candidate units and new units created by using genetic 
operators: 

a. Crossover P2 = Crossover (P1) 
b. Mutation P2' = Mutation (P1'); 

5. Determining the Fitness Value of all candidate units in a new population P2; 
6. Returning to step 3 until the break condition is achieved. 

 
Figure 2 – Genetic Algorithm flowchart 

 
In this particular study, we have defined for Genetic Algorithm the TDC (Fitness Value) to be 

exactly 0.18 (the obtained TDC from our previous research for the soundscape characterized as the 
most pleasant and calming one i.e. stream). The size of population is ten and in each iteration the GA 
preserves the two best candidate units while generating eight new ones. In order to create new 
candidate units according to Eq.1 we needed to change the ranges of  following parameters: the 
loudness difference range from 0.5 to 1.5, the loudness growth difference range from 3 to 6 and the 
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sharpness difference range from 0.1 to 0.3. The ranges for all three acoustic parameters are changed 
with a step of 0.05. The mentioned ranges and step were chosen based on our findings in previous 
research on a larger number of acoustic environments. 

2.2 The optimized solutions for calculating Total Distraction Coefficient 
 
After performing fifty iterations, the Genetic Algorithm has provided nine possible optimized 

solutions for calculating Total Distraction Coefficient (shown in Table 2). We have decided to further 
investigate the second solution (marked yellow in Table 2) which provided the largest alteration 
primarily for the loudness ratio value (LDIF) and in addition for the ratio of loudness growth difference 
value (LGDDIF). 

 
Table 2 – Optimized solutions for calculating Total Distraction Coefficient 

ID LDIF LGDDIF SDIF 

1 0.55 4.25 0.10 

2 0.80 3.00 0.10 

3 0.50 3.40 0.15 

4 0.75 3.25 0.10 

5 0.50 4.50 0.10 

6 0.55 3.15 0.15 

7 0.60 4.00 0.10 

8 0.65 3.75 0.10 

9 0.70 3.50 0.10 
 
 

3. SYNTHESIS OF NEW SOUNDSCAPES 
 
In order to achieve the optimized Total Distraction Coefficient for the aforementioned soundscapes 

we have tried to use acoustical methods such as compression and filtering of higher frequencies. 
However, in our opinion this is very unpractical in real case scenarios  i.e. performing audio 
compression and filtering of higher frequencies in in-situ conditions. Therefore, we have decided to 
use different popular songs in the process of new soundscapes’ synthesis.  

3.1 The selection of songs 
 
The selection of used songs was not done completely randomly. At this stage of research we have 

decided to use some of the “classics” and on the other hand songs that are extremely popular i.e. songs 
that are often played on radio stations. Furthermore, we chose two genres in particular rock and pop 
songs and for each genre a song which is perceived as happy or optimistic and a song perceived as sad 
or depressing. The selection of songs is shown in Table 3. 
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Table 3 – Selection of songs 
CLASSICS 

 HAPPY/OPTIMISTIC SAD/DEPRESSING 

ROCK Queen “Bohemian Rhapsody” Guns N’ Roses “November Rain” 

POP John Lennon “Imagine” Jeff Buckley “Hallelujah” 

MODERN 

 HAPPY/OPTIMISTIC SAD/DEPRESSING 

POP Beyoncé “Crazy in Love” Miley Cyrus “Nothing Breaks like a Heart” 
 
In addition, for each individual song prior to mixing it with soundscapes we have calculated Total 

Distraction Coefficient (shown in Table 4.). The mean sound pressure level used for calculation of 
loudness parameters and TDC was 50 dB(A). 

 
Table 4 – Total Distraction Coefficient for the chosen songs 

SONG LDIF LGDDIF SDIF TDC 

Queen “Bohemian Rhapsody” 0.9 3.2 0.33 0.30 

Guns N’ Roses “November Rain” 0.47 2.1 0.18 0.17 

John Lennon “Imagine” 0.5 1.82 0.38 0.25 

Jeff Buckley “Hallelujah” 1.2 3.5 1.02 0.64 

Beyoncé “Crazy in Love” 0.37 1.79 0.24 0.18 

Miley Cyrus “Nothing Breaks like a Heart” 0.41 3.1 0.21 0.20 
 
Finally, in order to proceed with the experiment we have eliminated the extremes (two lowest and 

two highest TDCs) and the mixing was done with two songs marked yellow in Table 4 (i.e. John 
Lennon “Imagine” –  song 1 and Miley Cyrus “Nothing Breaks like a Heart” – song 2).  

 

3.2 The process of mixing the selected soundscapes with chosen songs 
 
The process of mixing soundscapes with the two chosen songs was done in the following way. Each 

soundscape was mixed with three versions of each song (shown in Table 5.). The 100% of a song’s 
mean level corresponds to a 100% of soundscape’s mean level in the steady part of the soundscape 
(equivalent continuous sound pressure level corresponds to 50 dB(A)). The 50 seconds long examples 
of soundscape signals mixed with songs signal versus time are shown in Figures 3 and 4. Figures 3a 
and 4a show loudness of the soundscape and the mixed signal, while figures 3b and 4b show 
normalised level of soundscapes and songs signals. If we analyse the results shown in Table 5. It can be 
concluded that by raising the percentage of a song in the mixed signal, the Total Distraction 
Coefficient becomes closer to the calculated Total Distraction Coefficient of a song. If we go back to 
the results obtained from Genetic Algorithm in terms of the desired TDC (i.e. Fitness Value 0.18) we 
can observe that the best result was achieved for the combination of children's park and Miley Cyrus 
song “Nothing breaks like a heart” with a 100% loudness. In order to proceed with the experiment, we 
have eliminated the extremes (two lowest and two highest TDCs) and the mixing was done with two 
songs marked yellow in Table 4.  
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Figure 3 – An example of mixing: children’s park with 100% Miley Cyrus “Nothing Breaks like a 

Heart”; a) loudness of mixed signals versus time, b) normalised level versus time of each signal 
 

 
Figure 4 – An example of mixing: expressway with 100% John Lennon “Imagine”; a) loudness of 

mixed signals versus time, b) normalised level versus time of each signal 
 

Table 5 – Total Distraction Coefficient for the soundscapes mixed with chosen songs 

  Ldif LGDdif Sdif TDC   Ldif LGDdif Sdif TDC 

CHILDREN'S PARK 1.5 3.9 0.3 0.36 EXPRESSWAY 0.98 3.8 0.28 0.30 
+Lennon 40% 1.3 3.8 0.29 0.33 +Lennon 40% 1 3.8 0.28 0.30 

+Lennon 80% 0.88 3.8 0.29 0.29 +Lennon 80% 0.86 2.86 0.3 0.28 

+Lennon 100% 0.67 3.5 0.31 0.27 +Lennon 100% 0.74 2.1 0.29 0.24 

                  

+Miley 40% 1.24 4.3 0.24 0.32 +Miley 40% 0.97 3.9 0.25 0.29 

+Miley 80% 0.6 3.7 0.18 0.21 +Miley 80% 0.73 2.6 0.23 0.23 

+Miley100% 0.42 2.93 0.17 0.18 +Miley 100% 0.52 2.55 0.23 0.20 
 

4. CONCLUSIONS 
 
This paper deals with the concept of soundscape synthesis based on improving the existing 

soundscapes with optimization of Total Distraction Coefficient calculations using the Genetic 
Algorithm. Total Distraction Coefficient depends on loudness, sharpness and loudness growth rate. 
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Our previous studies have shown that the soundscape of a stream has the lowest Total Distraction 
Coefficient TDC = 0.184, therefore, this experiment is envisaged in order to achieve the same TDC for 
the children’s park and expressway. In our experiments we have obtained the desired TDC for the 
aforementioned soundscapes using acoustical tools such as compression and filtering of higher 
frequencies. However, in our opinion these methods are extremely unpractical to apply in real case 
scenarios in the field of soundscape. When speaking about indoor soundscapes, filtering of higher 
frequencies can actually be achieved using specific acoustic absorptive materials and collaborating 
with architects regarding the layout of e.g. open-space offices.  

For outdoor soundscape our idea was to test different songs in terms of calculating their TDC. 
Regarding the choice of songs, we have decided to use some of the “classics” songs together with the 
songs that are often played on radio stations. After calculations we have decided to eliminate the 
extremes and use two songs i.e. John Lennon’s “Imagine” (TDC = 0.2536) and Miley Cyrus’s 
“Nothing Breaks like a Heart” (TDC = 0.1954). Each soundscape was mixed with three versions of 
each song (40%, 80% and 100% of song’s level) where a 100% of a song’s mean level corresponds to 
a 100% of soundscape’s mean level in a steady part of a soundscape (i.e. 50 dB(A)). The tests have 
shown that by increasing the percentage of a song’s level the overall TDC becomes closer to the TDC 
of a song. 

The best result with respect to the desired TDC was obtained for the case of children’s park mixed 
with “100% loud” Miley Cyrus’s song “Nothing Breaks like a Heart”.  

In order to confirm our findings, the next stage of research will be focused on conducting extensive 
listening tests on urban residents. Furthermore, the obtained formula for calculating the Total 
Distraction Coefficient will need to be expanded and a correction factor which takes into account the 
human perception will be applied. In addition, we plan to extend the base of songs used for 
synthesizing the soundscapes. 
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ABSTRACT 

A dynamic modelling chain, coupling the Symuvia dynamic traffic model (LICIT, Ifsttar / ENTPE) and the 

Noisemodelling noise level prediction tool (UMRAE, Ifsttar / Cerema), is developed in this paper to assess 

the impact of road traffic on noise environments at the scale of an urban traffic network of about 10 km² 

located in Lyon/Villeurbanne. The simulation, which reproduces 3 hours of a morning rush hour scenario, 

highlights the increase in noise levels associated with the increase in travel demands. It also highlights that 

the increase in noise levels is not uniformly distributed over the network and has a greater impact on the 

streets where traffic is reported. In addition, noise dynamics are modified: background noise is particularly 

sensitive to the increase in vehicle density on the network, so periods of calm on the network are rare. A more 

detailed analysis of this dynamic is possible locally through the analysis of the evolution of the LAeq,1s and the 

study of specific acoustic indicators. Desirable improvements to the model are discussed, with a view to 

assessing the currently unknown acoustic impact of road traffic management strategies at the scale of an 

urban network. 

 

Keywords: Road traffic noise, Dynamic modelling chain, Congestion, Noise dynamics 

1. INTRODUCTION 

 

Urban congestion is a major issue as regarding the development of cities. Its cost in terms of time 

spent, particularly during the morning and evening rush hour, has been the subject of studies  (1), 

giving rise, for example, to policies that spread travel demand. However, the estimation of the 

environmental externalities that congestion generates, in particular noise pollution, faces scientific 

obstacles that have not yet been resolved. Conventional approaches to traffic noise modelling do not 

meet the criteria for evaluating mobility strategies, as they are limited to an overly aggregated traffic 

description, which relies on average flows and speeds to estimate the sound power of vehicle flows. 

These traditional models also make simplifying assumptions about the evolution of these flows 

according to traffic conditions, taking no account, for example, of the assignment of road traffic 

(distribution of vehicles on the network according to traffic conditions). The detailed estimation of the 

noise impacts associated with road traffic presupposes the use of: (i) traffic modelling sensitive to 

traffic conditions, i.e. reproducing vehicle kinematics (speeds and accelerations) and the dynamic 

assignment of vehicles on the network according to traffic conditions (individual route selection 

strategies), (ii) acoustic emission modeling itself sensitive to influential var iables (vehicle speeds and 

accelerations, road fleet composition, etc.) (2). 

 

Approaches to traffic noise modeling based on dynamic road traffic modeling have emerged over 

the past 15 years (3-8). These modeling chains are based on the trajectories provided by the traffic 

model of the vehicles present on the network, i.e. their position, speed and acceleration at each time 

step (typically 1 second). These data are used to estimate the sound power of each vehicle at each time 

step; this is followed by an estimate of the temporal evolution of the noise levels in a receiver map after 

a sound propagation calculation. Thus, unlike conventional so-called static approaches, this dynamic 

modelling chain makes it possible to test the impact of traffic regulation stra tegies that modify vehicle 
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kinematics. It also allows the calculation of acoustic indicators describing changes in noise levels, 

where static methods are limited to the estimation of aggregate noise indicators (e. g. annual average 

noise levels) (9). This contribution is significant because variations in noise levels, and in particular 

emergences, have a demonstrated impact on the perception of sound environments  (10) as well as on 

their health impacts (11).  

The dynamic modelling chain has been used in the past to compare the acoustic impact of different 

intersections (12,13), or different traffic light settings on urban corridors (14, 15). These initial studies 

highlight that traffic control strategies limiting speed variations are beneficial from an acous tic point 

of view, confirming the results obtained by observations (16). However, the impact of reassignment 

phenomena, which are very present in the case of congested traffic conditions, has not yet been 

analysed, as the studies carried out so far have been limited to networks covering only a few 

intersections.  

Recent advances in traffic modelling and acoustic calculations now allow the study of larger 

networks. In this article, a coupling between a dynamic traffic model, Symuvia, and a noise mapping 

model, Noisemodelling, is carried out and applied to an urban network located in the  city of Lyon, 

France, covering an area of about 10 km². At this scale, it is possible to study the spatial dimension of 

urban congestion in terms of its impact on the noise environment. 

 

2. METHODS 

 

2.1 Modeling chain 

The dynamic modelling chain implemented for road traffic noise estimation consists of a coupling 

between the Symuvia dynamic traffic model and the Noisemodelling road traffic noise prediction 

model.  

The architecture of the coupling between the two models is an adaptation of the static models 

conventionally used: where static models estimate the noise levels emitted by road traffic based on the 

average flow rates and speeds of vehicle flows per road section, the dynamic approach is based on the 

vehicle trajectories estimated by the traffic model to determine at each time step the sound power of 

each vehicle present on the network. The modelling chain is described in Figure 1.  

 

 

Figure 1 – Dynamic noise modeling chain 

 

2.2 Road traffic modeling 

 

The platform on which traffic simulation is based, Symuvia, is dedicated to the analysis of dynamic 
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traffic simulations. Symuvia includes a tool for editing simulation data sets (flow network and 

scenarios), a calculation module and tools for analyzing and reporting results. These components are 

designed to perform traffic simulations over several hours, for an urban area that can cover several km². 

Symuvia's calculation core includes an assignment module (vehicle route calculation) and  a flow 

module (trajectory calculation). Details on the modeling can be found in (17, 18).  

2.3 Noise modeling 

NoiseModelling is a free and open-source module of the OrbisGis Geographic Information System, 

whose initial objective is the production of static road noise maps. The algorithms in the 

NoiseModelling module take advantage of the spatial analysis methods offered by the GIS 

environment. The calculation of acoustic indicators from traffic simulation is carried out in three 

steps: 

- Geographic data, from the open Open Street Map (OSM) database, is imported into OrbisGis.  

- The trajectories provided by Symuvia in xml format are imported in table form into OrbisGis, 

via a specific function created for the purposes of this study. 

- A set of SQL queries allows acoustic calculations.  

The Noisemodelling computation core, called by these SQL queries, dissociates the estimation of 

noise emissions and the evaluation of noise propagation from sources to receivers. Both the calculation 

of emissions and sound propagation follow the CNOSSOS methods.  Note that the Imagine method is 

preferred to CNOSSOS for the calculation of the acceleration correction because CNOSSOS, intended 

to estimate vehicle flow emissions, relies on a distance at intersections correction, which is less 

appropriate for the dynamic modelling framework. 

 

2.4 Case study and parameters 

The case study consists of assessing the acoustic impact of road traffic on an urban network of 

about 10 km² located in the Lyon conurbation, covering the 3rd and 6th districts of Lyon and part of 

Villeurbanne (see Figure 2).  

 

 
 

Figure 2 – Network and position of noise receivers 

The implemented scenario simulates 3 hours of road traffic during the morning rush hour. Three 

levels of travel demand are considered, ranging from a P1 period when the level of travel demand is 

low, to a P3 period when travel demand is almost doubled (morning rush hour). The assignment model 

was validated to reproduce the flows measured on site during the period of interest in the Magnum 

project
2
. 

                                                        
2
 https://magnum-erc.weebly.com/  
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Figure 3 – Demand levels 

 

Three types of vehicles are represented in the traffic simulation: light vehicles (97% of the vehicles 

generated on the network), heavy vehicles (2.5% of the vehicles generated on the network) and buses 

(0.5% of the vehicles generated on the network, depending on the bus network and therefore not 

affected by the assignment processes).  

From an acoustic point of view, heavy vehicles and buses are considered as belonging to category 3 

of CNOSSOS. Motorized two-wheelers are not included in the simulation. 

Three 15-minute periods are used to perform the acoustic calculations: P1[07:00 - 07:15], P2[07:45 

- 08:00] and P3[08:45 - 09:00]. Thereafter, the variables relating to the periods Pi will be accompanied 

by the index i.  

Table 1 provides a summary of the parameters that were used for the acoustic calculation for this 

study. 100 receivers are randomly placed on the network. Noise indicators are the LAeq, LA10, LA50 and 

LA90. 

 

Table 1 – Parameter values for sound propagation 

Parameters Configuration 

Maximal order of reflexion 2 

Maximal order of diffraction 1 

Maximal distance source-receiver 500m 

Building height 10m 

Receivers height 1.5m 

Ground absorption coefficient  G=0 

Walls absorption coefficient G=0.23 

Spatial resolution D=20m 

 

3. RESULTS 

3.1 Period P1 

Period P1 corresponds to the time range [07:00 - 07:15], during which the flows are already high 

enough, especially on the structuring axes. Traffic flows relatively smoothly, with average speeds 

above 30 km/h over a large part of the network. The noise environment is highly correlated to the 

structure of the road network, with very high noise levels along the ring road. The background noise, 

materialized by the LA90,P1, is also very high, the LA90,P1 also exceeding 70 dB(A). This is due to the 

combined effect of the continuous flow of vehicles and their high speed (average speeds above 70 

km/h). The secondary network of small streets is characterized by very low flows, often below 200 

veh/h, resulting in relatively low noise levels, with LAeq,P1 of about 50dB(A) and LA90,P1 between 40 
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and 45 dB(A). 

 

  

   Figure 4 – Period P1: map of traffic and acoustic indicators 

 

3.2 Period P2 

 

The P2 period, which corresponds to the time slot [07:45 - 08:00], is marked by an increase in travel 

demand, which is logically reflected in an increase of the flow rates on the network. This increase is 

not uniformly spread over the network: some secondary roads see their number of vehicles doubled or 

even tripled, while traffic flows remain stable or even decrease on some more travelled roads . This is 

due to a decrease in average speeds, and the resulting route modifications. As a result, the increase in 

noise levels on the network is itself not uniformly distributed over the network: points near streets 

where flows have increased significantly see their noise levels increase significantly. 

 

  

   Figure 5 – Period P2: map of traffic and acoustic indicators relatively to period P1 

 

 

3.3 Period P3 

 

Period P3 corresponds to the time slot [08:45 - 09:00], marked by the peak of travel demand. The 

increase in flow rates that was visible during P2 is accentuated during P3, and extended over a larger 

part of the network. Noise levels relative to P1 increase together, with an increase in LAeq of more than 

3 dB(A) or even 5 dB(A) observed in some areas, particularly to the west of the network where the 

increase in flow rates is very pronounced. The increase in noise levels on the ring road is contained 

a) b) 

a) b) 
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below 1.5 dB(A), as well as during P2. 

 

The spatial distribution of the increase in levels remains uneven, with the western part of the 

network being significantly more affected than the eastern part. The map also shows a distinction in 

the increase in noise levels between quiet and noisy neighbourhoods. This point is discussed in more 

detail in the following section. 

 

  

 

   Figure 6 – Period P3: map of traffic and acoustic indicators relatively to period P1 

 

 

3.4 Detailed analysis of noise results 

The previous section pointed out that the increase in noise levels was not homogeneous over the 

network. A closer look into the noise increase shows that for points where LAeq,P1 > 70 dB(A), the 

increase in LAeq is smaller than 1 dB(A), while for the points where LAeq,P1 is between 65 and 70 dB(A), 

this increase reaches 3 dB(A). In addition, background noise increases more than high levels, with LA90 

increases well above LA10 increases. Thus, the increase in the number of vehicles on the network tends 

to compress noise dynamics, increasing background noise more than already high levels. This is due to 

the rarefaction in the simulation time steps when there are few vehicles in the vicinity of receivers. 

The built modeling chain allows the fine analysis of this dynamic, since it gives access to the 

evolution of the instantaneous levels LAeq,1s. An example of a more detailed analysis is given for 

receiver n°22. 

 

  

   Figure 7 – Sound environment at receiver n°22.  

Figure 7 shows the evolution of the LAeq,1s for each of the three periods. The time series for period 

a) b) 

Cours Zola Rue Juliette 

 Récamier 
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P1 shows the characteristic evolution of noise levels in streets where road traffic is clocked by traffic 

lights, marked by a regular alternation between high and lower noise levels . 

The quiet periods can be characterized by the indicator MI55, which represents the ratio of time 

during which noise levels exceed 55dB(A): it is MI55 = 0.78 (22% of the time below 55 dB(A)) for the 

period P1. The increase in flows both in the street and the neighbouring streets result in a rarefaction of 

the periods of calm that were renewed at the scale of the traffic cycle during the P1 period: the time 

during which the LAeq,1s is below 55 dB(A) falls to 13% for P2, then to 9% for P3. 

 

4. CONCLUSIONS 

A dynamic modelling chain, coupling the Symuvia dynamic traffic model (LICIT, Ifsttar / ENTPE) 

and the Noisemodelling noise level prediction tool (UMRAE, Ifsttar / Cerema), is developed in this 

paper to assess the impact of road traffic on noise environments at the scale of an urban traffic network 

of about 10 km² located in Lyon/Villeurbanne. The traffic model is sensitive to dynamic assignment 

phenomena depending on traffic conditions, and reproduces the kinematics of the vehicles present on 

the network. The acoustic model estimates the instantaneous sound power levels as a function of 

vehicle kinematics, then the noise levels in a receiver map after calculating the noise propagation as a 

function of data on the building network. 

The simulation, which reproduces 3 hours of a morning rush hour scenario, highlights the increase 

in noise levels associated with the increase in travel demands. It also highlights that the increase in 

noise levels: i) is not uniformly distributed over the network and has a greater impact on street s where 

traffic is reported, with noise levels increasing only slightly, for example, on the ring road due to a 

lower increase in the number of vehicles compared to other streets, ii) has a greater impact on 

background noise (and in particular the LA90), making quiet periods on the network rare, which is 

explained by a higher vehicle density. A more detailed analysis is possible locally through the analysis 

of the evolution of the LAeq,1s and the study of specific acoustic indicators (here the distribution of 

LAeq,1s and in particular the ratio of time when the LAeq,1s exceeds the 55 dB(A) threshold). 

However, some improvements to the model are desirable, and will be the subject of research in the 

near future, such as the estimation of emergence indicators as long as perceptual assessments. Then the 

proposed model will make it possible to assess the acoustic impact, currently unknown, of road traffic 

management strategies on the scale of an urban network: policies for spreading demand, speed limits 

on a portion of the network, banning certain vehicles (motorcycles, old vehicles, etc.) in a 

neighbourhood, etc. 
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ABSTRACT 
Inappropriate soundscapes are able to strongly deteriorate the user experience in parks. A possible 
remediation is adding positively perceived sounds. The case of an urban park, fully surrounded by road traffic 
noise sources, was studied to explore the potential of adding natural sounds in an interactive way. A 
preliminary test was conducted in the lab with Virtual Reality (VR) glasses and headphones. The audio-visual 
representation of the real environment was obtained by combining binaural recordings with first-order 
ambisonics and 360-degree video camera footage. The users were allowed to mix in eight types of natural 
sounds until their personal optimized soundscape was composed. This was done in a very similar setup as in 
the (real) park. The loudspeaker augmenting the sound environment in the park was steered with a 
smartphone application. This app ensured the user’s presence near the loudspeaker and allowed to gather 
more detailed assessments of the perceived sound environment through questionnaires. This combination of 
experiments allowed checking the validity of VR that is becoming increasingly popular in audio-visual 
interaction studies. In addition, the most preferred natural sounds and the way they influenced environmental 
noise perception were analyzed. 
 
Keywords: Soundscape, Virtual Reality, Augmented Reality. 

1. INTRODUCTION 
When well designed, urban parks are able to provide multiple ecosystem services. Of major 

importance for people living in city centers are the social and health related benefits (1). However, 
these can be jeopardized by excessive or inappropriate sound exposure. Especially the abundance of 
mechanical sounds in cities might strongly deteriorate these services for citizens. 

Sound levels inside parks could potentially be mitigated in a natural way e.g. by placing dense tree 
belts near the borders (2) or by so-called “acoustical landscaping” (3). However, this conflicts with 
many design criteria for the other park functions; visually dense or non-transparent parks might e.g. 
give rise to perceived unsafety (4). 

An alternative is relying on the soundscape idea (5). Instead of trying to mitigate unwanted sounds, 
positive sounds are added. Obvious candidates in park environments are natural sounds. In this study, 
various types of bird sounds, insects, water sounds and meteorologically induced sounds have been 
considered. The question remains what types of sounds and what combinations are most suited and 
preferred by the park visitors. The latter was studied in an interactive way.  

Virtual reality is increasingly becoming popular in landscape and city planning. The question 
remains, however, to what extent a park experience can be captured. In this work, this research 
question is narrowed down to analyzing whether the preferred natural soundscape in a virtual setting is 
similar to the one found in the real park. 

The case of interest is the Zuidpark in Gent (Belgium), an urban park with an open character, 
surrounded by intense road traffic. Continuous sound pressure level measurements during 5 months 
showed an Lden value of 62.6 dBA. The Lday indicator in this same period equaled 60.4 dBA. 
                                                        
1 timothy.vanrenterghem@ugent.be 
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2. VIRTUAL REALITY (VR) EXPERIMENT 
The audio-visual representation of the park environment is based on a combination of binaural 

recordings with first-order ambisonics and 360-degree video camera footage (6). For visual 
representation, an Oculus Rift was used. The environmental sounds from the park were reproduced 
with an open headphone. The setup allowed to mix in the natural sounds played by a loudspeaker that 
was positioned roughly at the same height and distance as in the real park environment. The 
participants could control a mixing panel (with mechanical sliders) while composing their preferred 
soundscape based on the eight available natural sound samples. This test was performed in a 
semi-anechoic room as shown in Fig. 1. In this preliminary test, the number of participants were 
limited to 10. 

 

 
Figure 1 – Experimental setup for virtual reality experiment in the semi-anechoic room. 

3. AUGMENTED REALITY (AR) EXPERIMENT 
In the real park, the loudspeaker was hidden from sight by the vegetation (see Fig. 2). Participants 

were instructed to move to a specific zone close to the single-board computer (SBC) operating the 
loudspeaker. The experiment could be accessed at any moment during the day hours and – in theory - 
no instructor guiding the experiment was needed. 

Environmental sound pressure levels were continuously monitored close to the loudspeaker box. 
This will allow a more thorough analysis of the interaction between the soundscape composition and 
the momentary (background) sound field. 

3.1 Android app 
Interaction with the loudspeaker box was performed by an Android app on the personal smartphone 

(see Fig. 3). The SBC served as a local Wi-Fi access point. This connection allowed to control the 
loudspeaker and to log the answers to the questionnaires and other usage statistics. When the 
participant went outside the range of the Wi-Fi access point, the session stopped. This principle 
confined the participants to a limited zone and ensured that they could actually hear the sounds played. 

3.2 Tasks and questionnaires 
The smartphone app not only served as a mixing panel to augment the sound environment with 

natural sounds, but also for sending a number of small questionnaires to the respondent . 
First, each participant was instructed to listen to the current background noise for a t least one 

minute. Next, a question was asked regarding the general appreciation of the sonic environment, some 
specific soundscape related questions (5), and also to what extent specific environmental noise sources 
could be heard. 

Secondly, the user was asked to rate a random soundscape, previously composed by another 
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participant. The minimum listening time was set to 1 minute. The same set of questions related to the 
background noise was asked afterwards. 

Thirdly, the user was invited to compose their own preferred soundscape for the current 
environment. The natural sounds that could be added (using a software mixing panel, see Fig. 3) were 
not named as some might have a positive or negative connotation. When finished, the volume settings 
were stored on the SBC, and the soundscape was added to the database and could potentially be 
presented to future users. 

 

 
Figure 2 –Designated location to participate in the interactive soundscape experiment in the (real) park. 
 

 
Figure 3 – Some screenshots of the soundscape smartphone app. 

4. RESULTS 

4.1 Preferred soundscapes 
The current analysis is based on 58 participants that successfully finished a complete session in the 

park (see Section 3.2). The average volume setting (between 0 = mute and 1= maximum level), over all 
participants, is shown in Fig. 4. Although such preference inevitably leads to rather large interpersonal 
variation, some clear trends can nevertheless be observed. Bird sounds, more specifically “song birds 
mixture” and “house sparrows”, are the most preferred natural sounds in the urban park. This is 
consistent with older research (see e.g. Ref. 7). “Sea gulls”, in contrast, are much less wanted, 
probably by a bad connotation and being less congruent with the current environment (no nearness of 
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the sea-side). The “waterstream” is somewhat more preferred than the “falling water” (consistent e.g. 
with Ref. 8). “Rustling leaves” and “raindrops on vegetation” are less chosen, probably given that their 
spectrum is more noise-like and coincides too much with the background noise. The bird sounds, in 
contrast, operate in a frequency range (3-6 kHz) that easily reaches a good signal-to-noise ratio in the 
park. In addition, these sounds are intermittent and thus more easily attract attention (9). 

The preliminary test (with 10 participants), based on a virtual representation of the same spot in the 
park, gives a more or less similar averaged set of volume settings (see Fig. 4). 

 
Figure 4 – Averaged volume settings of the composed soundscapes over all participants. The error bars 

indicate the 95% confidence intervals on the means, assuming a normal distribution of the data. For 

comparison, the red line indicates the averaged channel volumes in the VR experiment. 

4.2 Effect of soundscape on general appreciation of the sound environment 
The use of soundscapes to improve the acoustic environment is analyzed by subtracting the rating 

after listening to the background noise from the rating after being exposed to a random soundscape. 
Such a relative comparison removes interpersonal differences in absolute rating level, strongly 
increasing the power of the statistical analysis. 

For the absolute scales, the following categories were used in the survey (“How would your rate the 
sound environment you just experienced?”): 1=”very bad”, 2=”bad”, 3=”neither good nor bad”, 
4=”good”, 5=”very good”. For the pairwise differences, 0 means staying in the same category, e.g. +2 
means jumping over 2 classes (e.g. from “bad” to “good”), and -2 resulting in a worsened situation. 
Figure 5 depicts the histograms showing the absolute (left, middle) and relative (right) ratings. 

The overall appreciation of the sound environment is on average improved by any natural 
soundscape with 0.6 units. This improvement is statistically significantly different from 0 ( t56= 
3.5189; p<0.001) with 95% confidence intervals between 0.26 and 0.94. 

Figure 5 – Histograms showing the general evaluation of the sonic environment. 
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4.3 Effect of soundscape on hearing traffic noise 
A similar analysis (see Fig. 6) was performed for the question to which extent traffic noise was 

heard. Again, a 5-point scale was used, with 1=”not at all”, 2=”a little”, 3=”moderately”, 4=”a lot”, 
5=”dominates completely”. Because of the soundscape, a shift of 1.33 units towards less hearing 
traffic was observed in a paired t-test (t56= 8.961, p<0.001). The 95% confidence interval ranged from 
1.04 to 1.63. These results show that augmenting the current environment with a natural soundscape 
has a strong masking potential on road traffic noise. 

Figure 6 – Histograms showing the degree at which traffic noise is heard. 

5. CONCLUSIONS 
In this study, the preferred soundscape composed of eight natural sounds, in a highly road traffic 

noise polluted urban park, was assessed in an interactive way in VR and AR. The results show that the 
optimized soundscapes mainly contain bird sounds in both the real and virtual representation of the 
park. Additionally adding natural sounds improves the overall appreciation of the sound environment 
in the park, and strongly enhances road traffic noise masking. 
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ABSTRACT 
The importance of noise from transport and industrial sources on human health were emphasized by 
Environmental Noise Directive. As well as actions to minimize the impact of this noise on human, the 
directive impresses on the need to protect quiet areas having good environmental noise quality. Therefore, 
studies on identification, determination and utilization of quiet areas in urban and rural contexts have 
increased in many countries in Europe. Sound environments in historic city centres consist of different 
sounds from dense tourism, trade, entertainment, recreation etc.; consequently, the noise problem is 
inevitable. Quiet areas enable people get away from noise and reduce the adverse effects of it by providing 
opportunities for rest, relaxation and restoration to them. In this paper, the khans courtyards in Istanbul 
Historic Peninsula (Turkey) were considered as potential Quiet Places. Noise measurements, soundscape 
recordings with soundwalk method, observations and surveys were realized to determine quantitative and 
qualitative quietness in the courtyards. The paper reports the preliminary results of the Quiet Place perception 
in Turkey, and it reveals that the inner courtyard is a protected place against the outside noise sources, but it is 
necessary to take measure for the noise sources inside the courtyard. 
 
Keywords: Quiet places, Courtyard, Khan 

1. INTRODUCTION 
In 1970’s, Schaffer attracted attention to the issue that open areas should be quiet. He mentioned 

that sounds might be more clearly heard and distinguished in quiet areas with low noise level, and 
therefore such areas identified as hi-fi (high fidelity) had required/preferred sound environment (1). 
Besides, quietness/tranquility properties of open areas have been a subject to academic studies in 
terms of contribution to mental renewal in psychology (2,3). Nevertheless, it is possible to tell that the 
number of studies related to quiet areas significantly increased with the introduction of Directive 
2002/49/EC in 2002 in member countries. 

In the Directive on the Assessment and Management of Environmental Noise 2002/49/EC which is 
in force in Europe, the quiet area in urban environments are referred as “quite area in agglomeration 
and defined as “an area, delimited by the competent authority, for instance which is not exposed to a 
value of Lden or of another appropriate noise indicator greater than a certain value set by the Member 
State, from any noise source” (4). Several recommendations (Lday 45-55 dB) are made in the studies 
conducted regarding the limit values mentioned in the Directive (5). However, it would not be quite 
right to assess the potential of areas being quiet only over the limit values. Because social, cultural, 
economic differences, local characteristics like the urban history and cultural heritage (6) and 
properties like biodiversity and different nature forms affect the annoyance and quietness/tranquility 
perception (7). Moreover, even if the sound pressure levels in courtyards are above these limit values, 
these areas may have a refreshing effect and a potential to be a quiet area due to the difference of sound 
pressure level between the inside and outside of such areas (8) and to their effects on the 
Restorativeness (9). Courtyards do not only offer a visually aesthetic aspect when viewed from the 
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buildings, but they may also be used as places for activities such as refreshing, relaxing, reading a 
book, sunbathing, contacting people around as an area with lower levels of environmental noise (9). 
Additionally, spending time in quiet areas such as parks, gardens and courtyards may allow people to 
get mentally refreshed by walking away from the busy and stressful city life (1). 

In this study, the potential of using the public courtyards in urban areas as quiet areas which would 
allow people to walk away from the noise of the city and get mentally refreshed is evaluated by 
addressing over the courtyards of historical khans in the Historical Peninsula of Istanbul. 

2. METHODOLOGY 
In this study, field surveys were performed in the courtyards of 5 selected khan buildings to study 

the quietness potential of historical khan courtyards in Historical Peninsula of Istanbul. In field 
surveys, noise measurements and sound recordings as well as observations and questionnaires, were 
conducted for the objective and subjective assessment of quietness. 

2.1 Area Selection and Observation 
While khan buildings to be studied were selected from the commercial and touristic region 

concentrated around Grand Bazaar located in Eminönü-Beyazıt which used to be the center of trade of 
Historical Peninsula of Istanbul during Ottoman Empire Era, the extent of the open areas of use of 
khan courtyards, functions in the courtyard and the type of transportation around them were taken into 
account. Five khans were selected in total; three with an area greater than 500 m2 which did not get 
crowded by retail trade within the courtyard were connected to pedestrianized areas (1. Balkapanı 
Khan, 2. Büyük Valide Khan and 3. Büyük Yeni Khan) and two were directly connected to a road with 
vehicle traffic (4. Vezir Khan, 5. Taş Khan) (Figure 1). 

 

Figure 1 – Map indicating the courtyards selected in the historical peninsula - 1. Balkapanı Khan, 2. Büyük 

Valide Khan and 3. Büyük Yeni Khan, 4. Vezir Khan, 5. Taş Khan. (map source: Hidro-tek LLC) 

 
Following the selection of the areas, observations were conducted to investigate the matters such as 

the size of the area, attributes of the entrance, opportunity of free entrance to the areas, activities in the 
region, water factor in the courtyard, cultural elements, presence of plants, sources of sound within and 
outside the courtyard. 

2.2 Sound Level Measurements and Sound Recordings 
To determine the sound pressure level within and outside the courtyard, as well as their differences, 

measurements and recordings in the area were conducted according to and by developing the method 
used by Maffei, Masullo and Oliviero in the study for the determination of quiet areas in historical 
places (8, 9) (Figure 2). 
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The measurements and recordings were performed twice a day, one in the morning and one in the 
afternoon, and they were taken on point basis within the courtyard (min 3 min. per point) and by using 
soundwalk method outside the courtyard.  

 
Figure 2 - Map indicating the measuring points within the courtyard for Balkapanı Khan and the soundwalk 

routes for measurements outside the courtyard (map source: Hidro-tek LLC) 

2.3 Questionnaire 
In this study, questionnaires were conducted to understand how quietness potential of courtyards were 

assessed subjectively. Questionnaires were prepared to question personal information, noise sensitivity, 
mental refreshment status and the annoyance status based on the type of sound. The questionnaire also 
includes a significant different test created by using the adjective pairs to understand how the areas were 
defined subjectively. Questionnaires were performed simultaneously with noise level measurements and 
sound recordings in the participant group mainly consisting of khan employees and tourists. 

3. STUDY AREAS-COURTYARDS OF KHANS 
In this section, information related to the physical status and the usage of khan courtyards obtained 

through literature search and observations conducted in the area are given in order as follows.  
1.Balkapanı Khan: The area of the courtyard of the two-story historical building constructed in 

16th century is 1000 m2. The entrance gate of the building opens to a pedestrianized road with a busy 
retail commerce flow. Therefore, the outdoor noises consist of noises originating from trading 
(shopping noise, airplay) and transportation (sound of steps, handcarts and engine) as well as human 
voice. It is free to enter the courtyard from morning until evening (08.00 am - 06.00 pm). The entrance 
gate of the courtyard is kept open during use. The entrance of the courtyard allows direct access to the 
courtyard for pedestrians; however, it is not suitable for vehicle entry (Figure 3). There are business 
units (mostly wholesalers), catering units and production workshops in the courtyard of the building. 
There is a small masjid in the middle of the courtyard and there are several small tree saplings, ivy and 
potted plants inside. Sound environment within the courtyard results from the trade (shopping sounds, 
noise of the handcart, noises of eating and drinking) and religious use (adhan and preaching) as well as 
human actions. 

   

Figure 3 - Balkapanı Khan entrance gate and views inside the courtyard.  
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2.Büyük Valide Khan: The two-story historical building constructed in the 17th century has two 
separate courtyards currently in use which have an area of approximately 100 m2 and 3000 m2. The 
entrance gate of the building opens to a pedestrianized road with a busy retail commerce flow as in 
Balkapanı Khan and thus the outdoor noise sources are similar. It is free to enter the courtyard from 
morning until evening (08.00 am - 06.00 pm). The entrance gate of the courtyard is kept open during 
use. The entrance of the courtyard is positioned to allow direct pedestrian access to the small courtyard. 
The larger courtyard is accessed through the small courtyard. At certain hours, vehicle entry to the 
courtyard is allowed. In the courtyard of the building there are business units and warehouses (mostly 
wholesalers) as well as a masjid in the middle. Perennial trees and potted plants and flowers were 
planted in the courtyard (Figure 4). Sound environment within the courtyard consists of sounds arising 
from trade (wholesale sounds, handcart sounds), human actions, other living things (birds singing) and 
religious use (adhan). 

   

Figure 4 - Büyük Valide Khan entrance gate and views inside the courtyard.  
 
3.Büyük Yeni Khan: The three-story historical building constructed in the 18th century has two 

separate courtyards currently in use which have an area of approximately 600 m2 and 300 m2. The main 
entrance of the building is on the same axis with the Balkanapanı Khan and Büyük Valide Khan, and 
therefore the outdoor noise sources are similar with the other two khans. It is free to enter the courtyard 
from morning until evening (08.00 am - 06.00 pm). The entrance gate of the courtyard is kept open 
during use. The entrance of the courtyard is positioned to allow direct pedestrian access to the larger 
courtyard. The small courtyard is accessed through the larger courtyard. At certain hours, vehicle entry 
to the courtyard is allowed. There are business units (mostly wholesalers), production workshops and 
warehouses. Most of the enclosed spaces upstairs are not in use. There are big trees, potted plants and 
flowers as well as a fountain (Figure 5). Sound sources within the courtyard consist of trade sounds 
(wholesale trade sounds, handcart sounds), production noises (hammer sounds, tapping), natural 
sounds (bird singing and water) and human noises. 

   
Figure 5 - Büyük Yeni Khan entrance gate and views inside the courtyard.  

 
4.Vezir Khan: The area of the courtyard of the two-story historical building constructed in 17th 

century is 2700 m2. The entrance gate of the building opens to the road with vehicle traffic and which 
connects Divanyolu, the main trade and tourism axis of the region, to Grand Bazaar. Therefore, the 
outdoor noise environment consists of sounds arising from transportation (vehicle sound, horn sound, 
tramway sound, motorcycle sound, siren sound) trade (shopping sound, airplay, handcart sound) and 
human actions. It is free to enter the courtyard from morning until evening (08.00 am - 06.00 pm). The 
entrance gate of the courtyard is kept open during use. A 25 m distance occurred between the road and 
the courtyard due to the buildings constructed subsequently to perimeter of the khan walls. This 

907



 

 

distance has turned into a covert transition area which constitutes a buffer between the road and the 
courtyard in terms of acoustics. This transition area is suitable for vehicle passage and this causes the 
courtyard to be use as parking space. Thus, those working in the area share the space used with the car 
park users. There are business units (mostly wholesalers), production workshops and warehouses. 
There are a few perennial trees in the courtyard (Figure 6). The sound sources within the courtyard 
consist of sounds arising from trade (shopping sound, handcart sound), production (hammer sound, 
machinery sound, air-conditioner fans, compressors, etc.), car park use (vehicle sound, horns), human 
actions as well as natural sounds (bird singing and wind). 

   

Figure 6 - Vezir Khan entrance gate and views inside the courtyard.  
 
5.Taş Khan: The two-story historical building constructed in the 18th century has two separate 

courtyards currently in use which have an area of approximately 450 m2 and 60 m2. Both courtyards are 
accessed through 2 separate roads open to vehicle traffic. The outdoor noise sources exhibit 
similarities with Vezir Khan. The larger courtyard is accessed through a closed transition area of 
approximately 45 m which constitutes a buffer area between the road and the courtyard in terms of 
acoustics and the small courtyard is accessed through the transition area of approximately 20 m. These 
transition areas are not suitable for vehicle passage. In the courtyard of the building there are clothing 
shops that rather serve to tourists, various business units and a restaurant in the basement which is 
accessed from the courtyard. Tourists join in the employees in the use of courtyard. There are trees, 
plants, flowers and a decorative pool (Figure 7). The sound environment within the courtyard consists 
of sounds arising from trade (sounds from the conversations between tourists and shopkeepers, 
shopping sound) and human actions as well as natural sounds (bird singing, water). 

   
Figure 7 - Taş Khan entrance gates and a view inside the courtyard.  

4. FINDINGS 

4.1 Measurement Results 
As result of the analysis of acoustic data obtained through he measurements and sound recordings 

at the points and on the routes in study areas, the LA10, LAeq and LA90 values which indicate the sound 
pressure levels inside and outside the courtyard in the morning and in the afternoon are given in Table 
1. Point measurement values inside the courtyard and route measurement values outside the courtyard 
were calculated by taking separate averages for their statuses in the morning and in the afternoon.  

In the morning, while mean LAeq value measured inside 5 courtyards is 55 dB, mean LAeq value 
measured outside 5 courtyards was calculated as 60 dB. In the afternoon, while mean LAeq value 
measured inside 5 courtyards is 59 dB, mean LAeq value measured outside 5 courtyards was 66 dB. 
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Table 1 - Sound pressure levels measured inside and outside the courtyards (dBA) 

time  1.Balkapanı 

Khan 

2.Büyük Valide 

Khan 

3.Büyük Yeni 

Khan 

4.Vezir Khan 5.Taş Khan 

 

M
or

ni
ng

 

LA inside outside inside outside inside outside inside outside inside outside

LA10 56.88 72.73 63.48  71.61 67.61 68.5 61.67 76.87 49.56 69.99 

LAeq 60.09 61.72 51.42 52.55 60.01 58.66 57.75 63.78 48.5 61.15 

LA90 48.87 59.14 51.7  56.61 55.95 55.23 55.98 60.21 44.63 58.47 

A
fte

rn
oo

n 
 LA inside outside inside outside inside outside inside outside inside outside

LA10 60.85 69.36 62.77 73.33 62.66  73.64 65.59 78.51 66.62  71.03 

LAeq 58.47  66.07 60.53  66.13 60.54  67.54 62.29 64.43 53.52  64.18 

LA90 53  60.26 50.93 60.77 55.43  61.96 59.58 62.35 45.93  58.87 
 
Findings related to Sound Pressure Level: 
Inside the courtyards, except for Balkapanı Khan, the levels measures in the afternoon were higher 

than the morning. The levels outside had increased parallel to the expectations with the increase in the 
volume of use in the afternoon. The reason for the deviation of Balkapanı Khan from general is the 
preaching, which is of the religious activities, performed during the measurements.   

The LAeq values outside the courtyards were measured close to each other; however, the indoors 
values differ from one courtyard to another. According to this; Taş Khan has the lowest indoor noise. It 
is followed by Büyük Valide Khan, Balkapanı Khan, Büyük Yeni Khan and Vezir Khan, respectively. 
The main factors increasing the level indoors are the penetration of sounds outdoor and/or the diversity 
of the sound sources indoors. Two- or three-story courtyard walls serve as a barrier between the inside 
and outside; however, the spaces on the gates providing transition between inside and outside the 
courtyard facilitate the penetration of the outdoor noises. Therefore, the physical quality of the 
transition gains importance. For example, the buffer area which is passed to reach the courtyard has an 
impact on the lower levels in the courtyard of Taş Khan compared to other courtyards. In addition to 
this, the number and diversity of indoor sound recordings of Taş Khan is fewer than other courtyards.   

 
Findings related to Sound Pressure Level Changes: 
The differences between LAeq values inside the courtyards and LAeq values outside vary depending 

on the time of the day and the courtyards (Table 2). In some cases, while level inside was measured 13 
dB lower than outside (Taş Khan), there were instances where the level inside exceeded the level 
outside (Büyük Yeni Khan). 

The difference of level between the inside and the outside of the courtyards according to the time of 
the day basically varies based on the usage intensities. In Balkapanı Khan, Büyük Valide Khan and 
Büyük Yeni Khan, the level differences between the inside and outside exhibited an increase in the 
afternoon. Although the intensity of use in these three courtyards indicate a significant difference 
based on the time of the day, this arises from the significant increase in the intensity of use outside in 
the afternoon. Car park use outside Vezir Khan and retail sales activities for tourists in the courtyard of 
Taş Khan intensifies in the afternoon parallel to the outdoor environment. For this reason, the level 
difference between inside and outside in the morning in these two khans is higher than the afternoon.  

The physical properties of courtyard entrance and the diversity and number of noise sources inside 
the courtyard have an impact on the level differences between the inside and outside varying by the 
courtyards. The difference between the inside and outside of Taş Khan’s courtyard is higher than other 
courtyards. This results from the impact of acoustic buffer area located between the courtyard of Taş 
Khan and outside. Likewise, there is a buffer area at the transit to the courtyard of Vezir Khan, however 
due to the busy use of car park within the courtyard in the afternoon, the level inside increased more 
compared to Taş Khan. This instance caused the decrease between the level difference between inside 
and outside:  
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Table 2 - Sound pressure level differences between outside and inside the courtyards (dBA) 

 1.Balkapanı 
Khan 

2.Büyük 
Valide Khan 

3.Büyük Yeni 
Khan 

4.Vezir Khan 5.Taş Khan 
 

Time M A M A M A M A M A 

LA10 15.85 8.51 8.13 10.56 0.89 10.98 15.2 12.92 20.43 4.41 

LAeq 1.63 7.6 1.13 5.6 -1.35 7 6.03 2.14 12.65 10.66 

LA90 10.27 7.26 4.91 9.84 -0.72 6.53 4.23 2.77 13.84 12.94 
 

4.2 Questionnaire results 
As result of the questionnaires, conducted simultaneously with the field measurements in khan 

courtyards, it was determined that khan courtyards were mostly used by the people working in the area 
and that they came to the khans almost every day. 

According to the questionnaire results: 
• All courtyards were assessed as substantially “quiet/tranquil” (except for Vezir Khan and Taş 

Khan - between 71% and 85%) and “relaxing” (except for Vezir Khan - between 86% and 100%). Taş 
Khan was found “quiet/tranquil” and “relaxing” by 100%. The courtyard of Vezir Khan was found 
56% “tranquil” and 28% “relaxing”. 

• In the sound environment assessment of all courtyards, the type of the sound sources and their 
relaxing effect had an impact as well as the sound levels within the courtyard. The majority of the 
sounds affecting the sound environment within the courtyard was found “relaxing”, or to the contrary, 
if most of the sounds are “annoying” the sound environment was assessed as “annoying”. 

• In general, there were natural sounds (such as bird singing, wind) and soundmarks of the area 
(adhan, water, etc.) in the courtyards, and the mechanical noises (fan noises, vehicle noises, etc.) were 
found “annoying”. Accordingly, denser trees and plants in Taş Khan caused the sound environment to 
be assessed positively and denser mechanical sounds in Vezir Khan due to functions inside the khan 
and the use of courtyard lead to a negative assessment of the sound environment.  

• In the assessment of all courtyards, it was determined that the soundmarks defined for the areas 
had an impact. 

• Besides, the presence of tree, plant and water elements in the courtyards as well as the historical 
and cultural values were considered as characteristics which might have positive effects on the 
quietness perception. 
 

4.3 Evaluation 
Based on the findings related to sound pressure level obtained in field measurements; the order 

from quiet to noisy is as follows: Taş Khan, Büyük Valide Khan, Balkapanı Khan, Büyük Yeni Khan 
and Vezir Khan. 

According to the findings related to the sound pressure level changes, the level difference between 
indoors and outdoors in the morning in descending order was Taş Khan, Vezir Khan, Balkapanı Khan, 
Büyük Valide Khan, Büyük Yeni Khan and Taş Khan, Balkapanı Khan, Büyük Yeni Khan, Büyük 
Valide Khan and Vezir Khan in the afternoon.  

According to the observations in the area; Taş Khan courtyard has the smaller number of sound 
sources and types indoors and it mainly houses natural sounds in the sound environment. Vezir Khan 
has the most number and type of sound sources indoors, and majority of the sound sources are artificial 
and mechanical sounds. 

Based on the data of the questionnaire conducted in the area; the most “quiet/tranquil” courtyard is 
in Taş Khan as per the subjective assessments, while the least “relaxing” courtyard was agreed to be 
the one of Vezir Khan. Although the noise levels in the three courtyards other than these two are above 
the acceptable limits (45-55 dB), (51-60 dB) they were subjectively assessed as substantially 
“quiet/tranquil” and “relaxing”.  

According to the overall assessment; the courtyards with the highest potential of being 
“quiet/tranquil” and “relaxing” have characteristics such as low LAeq value; high difference in the level 
between inside and outside; low type and number of sources; indoor sound environment mostly 
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consisting of natural sounds; incorporating natural elements such as trees, plants and water as well as 
cultural values: and presence of an acoustic buffer area in the transition between inside and outside. 

5. CONCLUSIONS 
The quietness potential of courtyards of the buildings located in the regions, which are crowded 

especially due to trade and touristic activities in the historical city centers, may be defined clearly in 
connection with the lowness of sound pressure level. With this field survey, findings indicating that the 
perception of quietness varied depending on the characteristics such as noise level as well as the noise 
level difference (outdoor - indoor), the type and number of indoor noise sources, the architecture of the 
place, the presence of natural and cultural fittings indoors (tree, plant, flower and water elements, 
historical and cultural values) were obtained. Based on the findings, it is planned to develop the study 
conducted within the scope of assessing the quietness potential of the areas in historical city center and 
designing new quiet areas in such environments.  
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ABSTRACT 
There are technical difficulties in producing an accurate wind turbine noise signal for subjective 
testing of the noise characteristics for different operational scenarios of wind turbines. There are 
differences in the subjective response when limiting the test signals to infrasound only versus the use 
of full spectra. The concept of “nocebo” effect that has been presented has relied upon the use of 
“synthesised wind turbine infrasound” that does not reflect the signature or pressure pulsations 
observed in full-spectrum field measurements. The validity of “synthesised wind farm infrasound 
signals” that have been used in such testing is examined and compared with full -spectrum signals.  
 
Keywords: Wind Turbine, Amplitude Modulation 
 

1. INTRODUCTION 
The acoustic signature of a wind turbine in the frequency spectrum encompasses the entire audio 

spectrum and extends into the infrasound region.  
However, the acoustic signature is critical to identify turbines operating under different wind 

conditions. This is reality. 
 In the time domain, the overall level is subject to fluctuations occurring at the blade pass 

frequency, that for modern day turbines is slightly less than 1 Hz.  
On a linear (unweighted) spectrum analysis the maximum acoustic energy is concentrated in the 

low-frequency and sub-audible ranges. 
The use of the overall dB(A) level does not account for the low frequency components and tends to 

be dominated by broadband mid/high frequency noise, sometimes described as a “swishing” sound. 
The modulation of the overall level of noise emitted by a wind turbine (typically described as 
“amplitude modulation”) can vary from inaudible amplitude modulation, to audible modulation, or 
excessive amplitude modulation, and is dependent upon the loading of the turbine and the angle of 
attack of the turbine blades. 

Typical acoustic analysis of the noise signal from wind turbines, whether by narrow band (Fast 
Fourier Transform) analysis or one third octave bands identifies in the spectrum discrete components 
in the infrasound region being a function of the blade pass frequency and multiple harmonics of that 
frequency, components associated with the gearbox (that are modulated by the blade pass frequency) , 
and broadband noise. Measurements of the infrasound levels undertaken by such analysis reveal levels 
well below the threshold of hearing, and such levels are often dismissed as irrelevant.  

The high frequency components of the turbine noise are significantly reduced inside the dwelling , 
due to the attenuation of building envelopes. This results in a frequency spectrum dramatically 
different to that obtained in the external environment immediately outside the dwelling.  

Utilising external dB(A) levels for environmental assessments of wind turbines does not address 
the noise levels experienced by residents inside their dwellings.  

Pioneering work undertaken by Kelly [1] in 1980 in relation to the MOD-1 turbine in North 
Carolina provided a schematic representation of wind turbine noise spectrum characteri stics [2] with 
structural, room and human body resonances added (see Figure 1).  

 

                                                        
1 drnoise@acoustics.com.au 
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FIGURE 1: Turbine noise emission components with building and human body resonances 
superimposed. Ref [2] 

 
The MOD-1 turbine was of a downwind turbine (where the blades are downwind of the truss 

structure). Modern turbines are upwind turbines, where the blades are upwind of the lower support 
(normally a round tower).  

Audible characteristics of wind turbine noise can have different spectrum shapes depending upon 
the relative distance of the receiver location to the turbines. On moving further away from the turbines, 
the high frequency noise attenuates. Multiple turbines associated with the wind farm park can give rise 
to a general low-frequency roar that in some cases is described like the sound of an aircraft that never 
lands. 

Field measurements have identified the presence of discrete peaks in the infrasound region at times 
when residents have accurately reported sensing the operation of the turbines without visual or audible 
cues. Testing in South Australia [3] indicated that for narrow band analysis levels in the 4Hz-6Hz 
region when above 50dB(linear) correlated with the detection of the turbines  - even though those 
frequencies were inaudible. A similar result was obtained in the Cape Bridgewater study [4]. 

2. AUDIBLE ASSESSMENT  
A number of studies evaluating the audible noise of wind turbines have technical limitations in 

generating a full spectrum by reason of amplifiers, speakers, sampling rates of the recording devices, 
frequency bandwidth of microphones and whether one is using outdoor measurements versus indoor 
measurements. The significant differences in transmission loss of building elements , potential 
resonance effects of buildings, or enhancement of the internal sound levels for different constructions 
does not provide a uniform transmission loss performance, in terms of subjective testing cannot be 
related to noise of wind turbines obtained externally to the building. 

Such external noise spectrum characteristics can be subject to masking from other sources that in 
turn do not relate to noise levels experienced inside dwellings. As part of the Acoustical Society of 
America’s Wind Turbine Working Group, a series of papers have been presented to that group in 
relation to various acoustic tests and investigations to accurately reproduce signals in a test rooms 
whether restricted to the infrasound region only, full-spectrum, or full-spectrum excluding infrasound. 
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3. DIFFICULTIES IN REPRODUCING WIND TURBINE “INFRASOUND” 
 
Large areas of speakers, high-powered D class amplifiers and the use of high sampling rates for 

recorded signals is necessary to be able to reproduce transient signals of wind turbine noise [5] [6]. 
However, there is a question as to whether infrasound is actually generated by turbines in the same 
concept as audible noises associated with gearboxes or the “swish” sound from the turning of the 
turbines. 

If one considers for a simple analysis a constant tone of 100 Hz, then under FFT analysis one 
expects a peak at 100 Hz and say 20 dB lower the second harmonic, and lower still the third harmonic, 
and possibly the fourth harmonic, to appear in the spectrum because there is a mechanical device (the 
speaker) used to generate that sound. 

If, then one considers that 100 Hz signal is created as a tone burst to run for 900 ms, off for 100 ms, 
then on for 900 ms, off 100 ms etc, then there would be a periodic function of 1 Hz occurring in the 
time domain.  

Undertake the FFT analysis of that signal (as a pure theoretical exercise) and one would expect a 
peak at 1 Hz and a peak at 100 Hz because those are the two main fundamental frequencies that are 
occurring in the time domain. There may be harmonics or multiple harmonics at lower levels of those 
two frequencies. However, in an acoustic sense, there is no 1 Hz sound that is generated, it is purely a 
periodic function that occurs in the time domain upon which in the frequency domain there appears a 
peak at 1 Hz. But there is definitely a 100 Hz signal that is generated.  

From the results of Walker, Hessler and Hessler, Rand and Schomer [7] with respect to the Shirley 
Wind Farm (see Figure 2), there is general frequency spectra shown by high-resolution analysis of the 
audio signal that identifies a typical pattern in the infrasound region. The question that we need to ask 
is, is that an audio signal or is it a function of the mathematical analysis of a pulse?  I leave the reader 
to actually look into those components and issues of concern, to ascertain whether there is an audio 
signal there or not. Hint: One could start with the analysis of a periodic DC Pulse. Then examine the 
time domain to determine if BT=1 is valid [8] & [9]. 

 

 
Figure 2: Comparison of outdoor and indoor spectra – Shirley Wind Farm (ref 7) 

 
 
If an acoustician (or other disciplines) does not understand the mathematical relationship of 

frequency analysis or the validity of such analysis, then a question arises as to whether they are 
incorrectly interpreting the data? 
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3.1 Crichton 
In Crichton et al “Can Expectations Produce Symptoms From Infrasound Associated with Wind 

Turbines?” [10] the title of the first paper specifically refers to wind turbine infrasound. However, the 
“infrasound” that was used in the experiment was 40 dB at 5 Hz, as was not wind turbine infrasound.  

In Crichton et al “The Power of Positive and Negative Expectations to Influence Reported 
Symptoms and Mood During Exposure to Wind Farm Sound” [11] an “infrasound” signal at 50.4 dB at 
9 Hz was introduced with a recording of audible wind farm noise.   

If one refers to the spectra set out in Figure 2, it is clearly the case that a constant infrasound signal 
at a single frequency as used in Crichton’s two studies, is not a signal generated by a wind turbine. 
Neither papers refer to a fluctuating tone as the “infrasound” signal. Accordingly, how can the title of 
those two papers be correct when wind turbine infrasound noise was not actually used in the 
experiment? 

Furthermore, examining the specifications of the speaker system [12] that was used in the Crichton 
experiments one finds there would be some difficulty in producing a clean sine wave at those 
frequencies for the level that has been indicated as it is beyond the specifications of the speaker. 

The two Crichton papers have been referenced by a number of acousticians [13] in presenting 
arguments supporting wind turbine applications. In light of the above one must question whether those 
acousticians have actually read and comprehended the material in the Crichton work.  

3.2 Walker 
In investigating the impact of “wind turbine infrasound” Walker has utilised a synthesized signal 

with a low frequency speaker system and a D class amplifier to demonstrate wind turbine infrasound 
[14] instead of using actual wave files 

Reference 14 includes the results of LAeq FFT analysis of turbines at Cape Bridgewater (Figure 55 
in reference 4) to create a waveform computed as the sum of the sine waves at the six peak spectral 
amplitudes. Walker considered the wave as essentially a Ch-Wave truncated at the 6th harmonic. 

 

 
Figure 3: 1600 lines, 0 – 25 Hz FFT analysis – figure 55 from ref 4 

 
However, the signal derived by Walker does not agree with the original time signal that was used to 

obtain the Leq FFT.  The Leq results are the result of squaring the amplitude and then the square root 
of the result loses all the phase information. Deriving a time signal from an Leq result of individual 
tones could only fit in with the Walker approach if the original signals were sine waves and all had zero 
phase difference. 

Apart from the phase issues, another possible explanation for the difference between the actual time 
signal and the Walker derived signal is that the house in question is not influenced by just a single 
turbine but by multiple turbines, not in sync with one another. Furthermore, the acoustic signals 
obtained at Cape Bridgewater are not restricted to just infrasound but contain frequencies in the 
normal audio spectrum[15]. 
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FIGURE 4: Walker synthesis of Figure 3 

 
If one is just restricting the subjective assessment of wind turbine noise to the infrasound region 

(where the reported levels are significantly below the hearing threshold and the sensation threshold in 
the infrasound region) then one expects there to be no reported sensation when exposed to infrasound 
alone. 

For subjective testing of wind turbine noise Walker [16] used data from Waterloo wind farm to 
create a synthesized signal for subjective evaluation and again found synthesised infrasound produced 
no reaction. Restricting the spectrum of the turbine signal to only infrasound or not the full spectrum, 
places limits on the validity of the experiment whether using synthesized signals or real wave file  data.  

3.3 Tonin 
Tonin [17] conducted a study along the lines of Crichton but used a Walker synthesised signal 

applied to headphones using a pneumatic driver.  Tonin acknowledges that the signal would be 
deemed to be inaudible in light of the levels being below the nominal threshold of hearing in the 
infrasound region. 

Tonin concludes that the infrasound had no statistically significant effect on the health symptoms 
reported by the volunteers and suggested the results support the hypothesis that a nocebo effec t may be 
the cause of the reported symptoms. The Tonin study did not use WAVE files of actual turbine noise 
restricted to the infrasound range, but used an inaudible synthesised signal with no verification that the 
signal was the same as measured in the vicinity of wind turbines. Similarly, the Tonin study did not 
consider inaudible or audible low frequency noise, or mid band noise generated by wind turbines. 

Tonin’s conclusion [18] presents the concept that infrasound is perceived by some people to affect 
the health of people and as no effect was observed supports a hypothesis of a nocebo effect. But if the 
synthesised signal is inaudible, and not actual wind turbine noise, then the results of the Tonin study 
cannot apply to the full spectrum of wind turbine noise.  

Tonin acknowledges that his study can only apply to the application of the “infrasound” to the ears 
in an enclosed space (ear muffs) and therefore does not address other potential paths (excluding the 
ears) that may impact upon individuals. Tonin does not discuss the possibility the wind turbine 
infrasound signature (obtained from narrow band FFT analysis) is the result of the modulation of the 
amplitude of the low/mid frequency noise, where that modulation occurs as a series of pulses repeated 
at an infrasound rate. 

If the purpose of the above acoustic experiments is to evaluate the perception and annoyance of 
wind turbine noise, then apart from restricting the testing to signals that may not even be there , there is 
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also the issue as to the relevance of the Crichton/Walker/Tonin signal with respect to Annexure D of 
ANSI/ASA S12.9-2016/Part 7 [18]. 

 Annex D to the ANSI document “advanced signal processing techniques” provide specific advice 
in Section D1: 

 
It has been observed (Bray, Swinbanks, Walker, et al) that for complex low-frequency signals (those 

comprising multiple frequencies), the temporal relationship between the components can have a 
significant influence on their subjective assessment. (Indeed, al one needs do is listen to the difference 
between a gun-shot and an extended Galois sequence signal to observe the two signals with the exact 
same spectrum can sound dramatically dissimilar.)   There is reference to figure D1. 

 

Figure 5: Figure D1 from ANSI/ASA S12.9-2016/Part 7 

  
 Tonin used a sawtooth signal similar to above that does not agree with the actual time signal from 

wave files for the Shirley wind farm. If Tonin utilised a digitised infrasound signal which is not an 
actual wind turbine signal, and produced infrasound levels that are inaudible, then the likely result of 
such a study is that there would be no impact. 

3.4 Cooper 
In contrast to the approached of the three researchers above, our research has used as a starting 

point the full spectrum noise wave files of actual wind turbines applied as a complete sound field. I 
then investigated the subjective whole-body response to this sound reproduced in a laboratory setting.  

 It is difficult to comprehend from just an LAeq frequency analysis of a time signal how one can 
reconstruct the original time signal. In any event, why would you need to use a digitised signal when it 
is much easier to use the actual wave files that are available from recordings? This digitised concept 
has always perplexed me as the instrumentation for the Shirley wind farm study went down to the low 
infrasound region. If Walker’s field measurements had data recording capabilities at a high sample rate 
to be able to reproduce the signal, then why couldn't those signals be used?  Due to space limitations the 
following link http://acoustics.com.au/media/ICA2019SS01.pdf provides additional material with 
respect to Section 3 of this paper  

How does one verify the audible characteristics of an infrasound signal? If we take the original 
recorded wave file signal and put a low pass filter to only have 0 to 20 Hz from the original signal as 
signal 1, and then utilise 6 generators all set to 0 phase to reconstitute an analogue signal (below 20Hz) 
as per the Walker concept (signal 2) then two wave files can be obtained. When both signals are then 
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sped up 100 times we find that in terms of the sped up “infrasound” signal, they do not sound the same 
and therefore would be invalid under ANSI/ASA S12.9-2016/Part 7, as a test signal for subjective 
testing of infrasound. 

Reference 15 identifies limitations we experienced in creating full spectrum signals in our 
laboratory.  

Having examined the issues of analysis of short-term burst signals and finding that frequency 
analysis of these frequency analyses can produce infrasound “signals” that are not actually present 
then the issues in terms of the frequency response, timing rates and bandwidths of frequency analysis 
must be looked into, to ascertain the validity of the signals. We presented the concept of ghost 
frequencies that are not valid and may be considered a similar concept to the issues of digitisation 
requiring anti-aliasing filters.  

Just as ghost frequencies associated with vibration in gearboxes lead to further developments such 
as Cepstrum analysis to reveal patterns that relate to faults in the gearbox, we proposed that the FFT of 
wind turbines that give rise to infrasound spectra is just simply a tool to identify that the turbines are 
operating and generating pulses. 

From Hansen/Walker’s observations contained in reference 16, and the analysis identified in 
reference 16, our research investigations into the subjective assessment of wind turbine noise ignored  
infrasound [19] [20] and utilized testing with a high pass filter to eliminate frequencies below 20 Hz. 
Therefore, it became a simple task of using actual wave files of wind turbine noise which could be 
simply validated.   

Our double blind pilot study presented to the ASA Wind Turbine Working Group in December 2017 
[20] and Euronise 2018 [21], used inaudible wind turbine noise from field measurements recorded on 
a high sample rate data recorder to which as a double blind study of 9 persons sensitised to wind 
turbines were able to detect with 100% accuracy the signal containing the operation of the turbines.  

The two additional papers presented in this session utilise wave file recordings presented to the test 
subjects as an entire sound field (not headphones) that can be validated with the field measurements as 
to the accuracy in both frequency and amplitude as the source data to then be used for audible 
subjective testing or inaudible subjective testing.  

 
4   CONCLUSIONS 

In the past the use of traditional acoustic analysis of wind turbine noise has revealed a time varying 
noise that by way of 1/3 octave bands and narrow band analysis has revealed infrasound and low 
frequency signatures, commonly referred to as ILFN (Infrasound and Low frequency Noise).  

The author has never claimed there to be infrasound as the concept of a noise but has identified the 
presence of the narrowband signature (blade pass frequency + harmonics) in the infrasound region.  

With respect to wind turbine noise much discussion has been made in relation to wind turbine 
“infrasound” without qualifying the basis of what is the infrasound signal – that in any event is below 
the threshold of hearing. 

Subjective evaluation of pseudo/sham/synthesized wind turbine infrasound has revealed there to be 
no impact leaving some researcher to claim such testing supports a nocebo effect, despite the data also 
identifying the power of suggestion is important. 

A fundamental problem exists with such studies as to why actual wind turbine noise (in the form of 
high quality wave files that extend down to the infrasound region) could not be used as the test signal?  

Using actual wave files, we have ascertained that there is no perceptible difference with or without 
infrasound in the signal when creating an entire sound field in which the test subjects are immersed.  

Reference 22 presents the results of further work with wind turbine wave files set at an inaudible 
level to show that limiting the spectrum to be between 20Hz and 1kHz produces less of an impact than 
using 20Hz to 16 kHz. 

Having reproduced the acoustic signature of wind turbines in a laboratory and finding changes in 
the EEG of the brain now permits the assessment of wind turbine noise (inaudible and audible) to be 
extended by the appropriate medical studies.  
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ABSTRACT 
The operation of a wind turbine results in a series of pulses where there is a significant instantaneous 
increase in the amplitude of the pressure signal dependent upon the loading (power output and wind 
strength) of the wind turbine. Such amplitude variations can be significant. The modulation of the 
amplitude of the acoustic signature for wind turbines is often referred to as “amplitude modulation”. 
One method of assessment of the degree of amplitude modulation for a wind turbine used in the UK is 
complex, time-consuming and expensive to undertake. A simplified method has been developed that is 
not just restricted to the dBA level and can be used to cover both inaudible and audible dynamically 
pulsed amplitude modulation. This simplified analysis method is not just restricted to wind turbine 
noise but has uses for other pulsating noise sources. Investigation of recreational music and industrial 
noise sources that give rise to the generation of pulsations occurring at an infrasound rate using the 
simple methodology is discussed.  
 
Keywords: Wind Turbine, Amplitude Modulation 

1. INTRODUCTION 
The operation of a wind turbine generates non-steady broadband sound that exhibits fluctuations at 

the blade pass frequency rate that for modern turbines occurs around 1 Hz, being in the infrasound 
region, i.e. less than 20 Hz. 

In an ideal situation the angle of the blades (pitch) is adjusted to be at the most efficient angle for 
extracting power from the wind. In reality, due to variation in wind strengths and/or direction(s)  there 
is usually a timing factor to determine the average wind strength before the electronic systems adjust 
the pitch of the blades. 

During changing wind conditions, start-up of power generation, or at high wind speeds (where the 
blades are intentionally feathered to reduce the speed of the turbines) the blades are not positioned at 
an ideal/efficient angle and under those scenarios the wind turbines have been found to generate higher 
levels of pulsations. 

The typical variation in the noise generated from a turbine is often described as a “swish” if one is 
in reasonable proximity to the turbine. At locations further removed from the turbine the additional 
distance attenuates the high frequency components resulting in the noise being described as a “whoosh” 
or even a “thump”. Both the “swish” and the “thump” occur at a timing period being the reciprocal of 
the blade pass frequency (e.g. for a 3 bladed turbine operating at 17rpm the blade pass frequency is 
0.85 Hz which gives a pulse every 1.18 seconds).    

On an A-weighted approach the amplitude of the signal can vary at the rate of the blade pass 
frequency. This variation is commonly identified as “amplitude modulation”. At times the audible 
amplitude modulation is negligible, but at other times the amplitude modulation can be significant. 

Plotting the A-weighted values over time reveals the depth of the modulation of the signal. One 
system used in the United Kingdom [1], provides a methodology to determine “excessive amplitude 
modulation”, where large modulation depths occur. 

Figure 1 demonstrates the difference in noise downwind from a 2.05 MW Senvion MM82 turbine 
(at the same position) for different power settings. At the 50% power setting the modulation depth (as 
a peak to peak difference) is an average of 3dB, whilst at 14% the modulation depth varies from 4.5 dB 
– 7 dB.   

                                                        
1 drnoise@acoustics.com.au 
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TURBINE  13  LOCATION  7
A-WEIGHTED  OVERALL  VS.  TIME

Figure 1 – Amplitude Modulation for different power settings – CBW Study – ref [2] 

  
In relation to external noise levels versus internal noise levels for wind turbine noise there is a 

difference in the spectrum shape as a result of the attenuation of the building elements. This can lead to 
significantly different levels of modulation as shown in Figure 2, where the modulation series for this 
dwelling indoors is greater than outdoors [3]. 

 

 
 

Figure 2 -Simultaneous Measurements of Amplitude Modulation – Leonards Hill Wind Farm 
Victoria, Australia 
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2.  AMPLITUDE MODULATION 
Amplitude modulation is in electrical engineering terms typically expressed with respect to radio 

waves (the AM band on a radio) where the intensity (level) of the high frequency carrier signal is 
modulated at a much lower frequency being the audio component of the information (audio signal).  

Noise from wind turbines is an audio signal which in itself varies across the audio spectrum and is 
not a steady carrier frequency. A more appropriate definition for amplitude modulation of wind 
turbines is the change in level of the dB(A) value where the modulation occurs at an infrasound rate 
(i.e. the blade pass frequency). 

One exception to the generalized modulation for a turbine is in the discrete frequencies associated 
with the output shaft speed of the gearbox where that frequency is modulated by the blade pass 
frequency and give rise to sidebands to the output shaft frequency. However, that component does not 
influence the A-weighted level. 

The importance of the presence of audible “amplitude modulation” for wind turbines relates to the 
subjective annoyance of the audible signal that may warrant an adjustment for that 
subjective/annoying characteristic. 

The dB(A) level is a combination of changing frequency components as the blades rotate and are 
subject to different loadings (dependent upon the wind). Technically, “amplitude modulation” may not 
be the correct description as an engineering definition. 

In the frequency domain the fluctuation for a turbine occurs across the entire spectrum. At distances 
removed from the turbine the high frequency components are reduced and can alter the aud ible 
fluctuations to more of low frequency noise.  

Use of narrowband analysis of turbine signals reveals a discrete signature based upon the blade pass 
frequency and harmonics of that frequency- with some researchers considering there to be turbine 
noise in the infrasound region. 

One of the issues in terms of assessing noise impact from wind turbines arising from the 
fluctuations/pulsations that occur is considered by some people of there being a sound (in the concept 
of an audible tone) that is occurring, but in the infrasound region. The “infrasound levels” that are 
generated under that concept are inaudible as they are well below the threshold of hearing. It is the 
author's view that it is not really an infrasound signal (like a tone) but the result of a digital frequency 
analysis of the pulses that are generated. The same signature can be observed, even if a high pass filter 
is utilised in the sound system to eliminate any frequencies below 20 Hz (i.e. no actual infrasound).  

Viewing the acoustic signal in the time domain reveals a series of pulses occurring at the blade pass 
frequency. An FFT analysis of a repetitive DC pulse at the same timing as the blade pass frequency 
produces a similar infrasound signature to a wind turbine.    

Leventhall has identified that in his opinion infrasound is not an acoustic issue of annoyance 
associated with turbines, but the emphasis should be on low frequency noise. In Leventhall’s DEFRA 
report [4] in 2004 he referenced work undertaken by Bradley in 1994 [5] that changed the modulation 
rate of low frequency noise and obtained a subjective assessment of the annoyance factor for different 
rates of modulation. Bradley indicated that for the critical region of between 2 and 4 Hz (being the rate 
of modulation of the low-frequency noise) could require an adjustment for annoyance of up to 17 dB, 
due to the subjective assessment of the severity of the annoyance when compared to no modul ation. 

In terms of psycho-acoustics, Zwicker and Fastl [6] described modulation at an infrasound rate (i.e. 
less than 20Hz) to be “fluctuation” and can be readily sensed by the human ear when the modulation 
exceeds 3 dB. The depth of the modulation affects degree of sense of fluctuation. 

The mechanism by how the ear/brain responds to the fluctuations in low frequency noise at an 
infrasound rate is not identified in any of the above studies and warrants further investigation. 

This becomes relevant in that one can also have infrasound fluctuations of the  wind turbine noise 
where they are inaudible - yet still perceived by residents.  

Zwicker and Fastl identified the critical sensitive frequency of 4 Hz is also related to the 
modulation of speech. Rand [7] considers the human brain is attuned to frequencies around 4 Hz and 
could be registering the presence of modulation and seeking to decode information that is not there. 

Wind turbines generate different levels of fluctuation leading to different perceptions of 
annoyance. 

The UK concept [1] has been criticized at it considers three groups of 1/3 octave band data 
(50-200Hz, 100 – 400Hz and 200 – 800 HZ. The Independent Noise Working Group [8] have examined 
a number of AM assessment methodologies. Under the Den Brook Method, one looks to a difference in 
peak to trough levels of more than 3 dB(A). Other AM concepts described in ref 8 look to derive a 
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value for AM relating to the power in the band containing the blade pass frequency.  
 Another UK concept for further analysing and defining amplitude modulation has been developed 

[8] to address the subjective annoyance by extending the analysis to focus on 1/3 octave band peaks in 
the A-weighted spectrum.    

The UK method of assessing amplitude modulation looks at the audible characteristic of a 
fluctuating sound. Having identified peaks in individual A-weighted 1/3 octave bands the method 
obtains LAeq levels at 100ms millisecond intervals for a 10 second sample, plots the variation in the 
amplitude and determines the depth of the modulation in those critical bands. The exercise is then 
repeated for multiple 10 second samples.  

The procedure by the above method is labour-intensive and therefore time-consuming. 

3. ALTERNATIVE ANALYSIS  
Narrow band analysis (such as Fast Fourier Transform (FFT)) is not suitable for viewing amplitude 

modulation. It is necessary to see the time information as the normal FFT analysis as an Leq level. 
However, as a starting point an FFT analysis of the infrasound section of the spectrum is of assistance 
in identifying the blade pass frequency, or for non-wind turbine noise sources under consideration the 
rate of modulation.  

A graphical method was developed of showing the change in the turbine signature that highlighted 
pulsations, amplitude modulation and frequency modulation to assist in understanding the dynamics of 
the acoustic signature and showed the failings of just using Leq levels [9]. 

The method (both in FFT and 1/3 octave bands) analyses an un-weighted time sample derived by 
using a waterfall approach. By orienting the waterfall view to look at the spectrum at each point in time 
one could progressively scroll through the sample (in time) to view the variations . This viewing 
method can be made into a video that in turn highlights any relevant investigations into different 
components of turbine noise. 

For example, the FFT movie view is suitable for infrasound and low frequency (available at 
http://acoustics.com.au/media/ICA2019AM01.mp4) However, for mid and high bands the 1/3 octave 
band movie view is better (available at http://acoustics.com.au/media/ICA2019AM02.mp4).  By use 
of the waterfall data, one can view any individual 1/3 octave bands to show the modulation in the time 
domain to appreciate the UK method in determining amplitude modulation.  

For recording the time capture, one obtains a better signal to noise ratio using a Linear 
(unweighted) parameter when compared with an A-weighted recording. Recording A-weighted signals 
requires a much larger dynamic range due to the A-weighting filter and also introduces additional filter 
response time constants that can lead to different analysis results.  

To identify the alternative method, measurements were conducted at a location on a public road 
(Taylors Creek Road) approximately 750 metres east of turbine 9 for the Capital Wind Farm (in NSW 
Australia). The A-weighted 1/3 octave band Leq spectrum reveals peaks at 25Hz, 125Hz an 800 Hz as 
shown in Figure 3. 
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Figure 3: Capital Wind Farm – A-weighted 1/3 octave band Leq Spectrum 
 
To assess a number of the alternative methods described by the INWG, utilising an exponential 

FAST response and analyzing the signal in 100ms increments to produce a waterfall analysis gives rise 
to the following time trace of the 25Hz 1/3 octave band where the modulation can be clearly seen. In 
this case the monitoring location is influenced by a number of turbines (not just a single turbine) and 
therefore can have phasing issues with the interaction of the pulses of multiple turbines.  

 
 

 
Figure 4: Time Trace for 25 Hz 1/3 octave band for Figure 3 

 
Similar time traces can be obtained for the other peaks in the A-weighted 1/3 octave band spectrum 

(see http://acoustics.com.au/media/ICA2019AM03.pdf for additional traces). 
Having identified that the time signal in the relevant 1/3 octave bands are modulated, the alternative 

analysis method is to take a 10-minute or a 15-minute recording of the sound associated with a wind 
turbine and undertake a statistical analysis. 

On a statistical basis one can show a significant difference between the L1 and L10 versus the L90 
level. If the “amplitude modulation” is based upon the maximum level of the pulse versus the 
background level (between the pulses) then a simplified method to assess the amplitude modulation for 
individual 1/3 octave bands is to conduct a statistical analysis and compare the L1 versus the L90, and 
the L10 versus the L90 level. It is noted that under the UK method the analysis is set for an exponential 
FAST response and as such the time constant of the averaging method does not give true maximum or 
minimum absolute values that are obtained from using shorter averaging sampling times.  

The amplitude modulation index using simplified alternative method of the statistical L1 minus 
L90 of each of the samples have been superimposed on the frequency spectrum to indicate the 
difference in the degree of modulation (see Figure 5) across the various bands. 

From Figure 5 the modulation index in the dB(A) level is 9 dB whilst at the blade pass frequency 
the modulation index is 20 dB.  

We undertook the evaluation of the alternative method utilising a number of different wind turbine 
measurements from the Cape Bridgewater study (we have over 9 TB of recorded data) to determine the 
statistical results for the alternative analysis and also at the same time undertook the analysis by the 
improved Den Brook methodology.  

Using the L1 level minus the L90 level for Cape Bridgewater results we found the quick analysis 
method to agree with the UK method when applied to individual 1/3 octave bands.  

 
. 
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Figure 5:  Amplitude Modualtion derived from alternative method 

 

4. DISCUSSION 
The A-weighted Leq level is typically used for environmental assessments in relation  to wind 

turbine noise.  The operation of a wind turbine involves a modulation of the amplitude with 
authorities claiming that “amplitude modulation” is inherently included in the Leq level.  

However, the degree of modulation of turbine can vary significantly with residents identifying the 
presence of audible modulation can at times be expressed as “excessive modulation” 

On the basis of audible noise, the modulation index used in the UK is evaluated on a dB(A) basis 
and can be extended to address noticeable 1/3 octave band peaks in the A-weighted spectrum.  This 
method is used for assessment of the external noise level . 

What constitutes excessive modulation and for how long in time is excessive modulation 
unacceptable govern the degree of analysis to be undertaken.   

Consider the determination of the modulation index under the UK method for a wind turbine 
operating at 17 rpm on a dB(A) basis there would be 8 or 9 pulses per 10 seconds for which an average 
is determined. Extending the analysis to a 10 minute sample would need to determine the modulation 
depth at least 480 times. Utilising the alternative method gives the modulation index in a significantly 
shorter amount of time that becomes even more efficient if one considers determining the modulation 
index over an entire night. 

Many of the noise complaints from residents relate to the wind turbine noise interfering with sleep 
(occurring inside the dwelling). As the attenuation of the building is not linear across the frequency 
spectrum the dB(A) value is not appropriate for evaluating internal environments. Applying the 
alternative method to a Linear (Un-weighted) spectrum of the above signal leads to the following 
result. 
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Figure 6: Linear (Unweighted) statistical results and Modulation Index 

 
 
Figure 6 reveals a significantly greater depth of modulation occurred in the infrasound region and 

controls the modulation of the Linear level. The 2.5 Hz 1/3 octave band represents the 3rd harmonic of 
the blade pass frequency.  

The blade pass frequency and in the above example the 3rd harmonic lie in the critical region for 
fluctuation identified by Zwicker and Fastl that in turn leads to a heightened annoyance. Is the 
fluctuation the dominant component responsible for the excessive modulation?  

We have since applied the alternative analysis method to other forms of industrial noise where it has 
been established there is infrasonic energy giving rise to disturbance. 

Measurements using high-performance recording of dance music and a dance party were 
undertaken where the predominant peak in terms of spectrum characteristic appears at 50 Hz, but the 
50 Hz, such as being modulated at a rate of approximately 3.3 Hz. Due to the nature of the variation in 
the music level at such dance parties, there can be a significant difference in the modulation of the 50 
Hz 1/3 octave band between different music tracks. Utilising a small sample where the levels were 
reasonably consistent throughout the track is more representative of that signal . Whilst not giving rise 
to a significant level of amplitude modulation there is a fluctuation in the 50Hz 1/3 octave band that is 
worth considering in terms of annoyance. 

On this basis, recorded dance music that can give rise to disturbance to residents may not be the 
music at 50 Hz but the modulation of that 50 Hz component being the beat of the music, typically 
between 120 bpm and 230 bpm. If the bass pitch was a constant noise it would not be as disturbing to 
residents to that of a fluctuating bass beat, with the typical complaint being the “thump, thump, 
thump”. 

A monitoring program by the coal mine operator found a 120 Hz tone from a large ventilation fan 
that modulates at an infrasound rate had a dramatic impact on two families involved in the acoustic 
investigation study into the disturbance complaints.  

The relevant noise data and analysis for the above two noise sources are presented in the following 
link http://acoustics.com.au/media/ICA2019AM04.pdf. 

5. CONCLUSIONS 
“Amplitude Modulation” typically associated with wind turbines varies over time as a result of 

different wind speeds and changing power output. The degree of modulation on the dB(A) level can 
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vary significantly with higher modulation depths identified as excessive amplitude modulation. 
What constitutes excessive modulation, and how long the occurrence of excessive modulation 

requires a correction to the A-weighted Leq level, has not been established. If a modulation index 
greater than 3 for say 10% of the night represents the necessity to add a penalty of +x dB to account for 
the subjective impact then a more efficient analysis method is required than either of the current UK 
methods. 

  The alternative method using statistical analysis presented in this paper has been found to be a 
relatively straightforward and simple method to evaluate “amplitude modulation” or “fluctuation”, not 
only for wind turbines, but has been used for other noise sources exhibiting pulsations occurring at an 
infrasound rate. 
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A comparison of inaudible windfarm noise and the natural 
environment noise whilst monitoring brainwaves and heart rate. 
  

Steven COOPER1 
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ABSTRACT 
A pilot study undertaken in late 2017 using inaudible wind turbine noise and persons having a 
heightened sensitivity to turbine noise found the test subjects could detect the presence of the signal by 
way of feeling (rather than hearing) the signal. A control group that had not been exposed to wind 
turbine noise was unable to detect or sense the inaudible signal. A single case study as a precursor to a 
further pilot study utilised inaudible wind turbine noise, inaudible white noise, inaudible surf (ocean) 
noise and an inaudible ventilation fan, was undertaken in a 126 m³ reverberation room and also in a 313 
hemi-anechoic room, whilst monitoring of the test subject's heart rate and brainwaves was obtained. 
The results of that testing are discussed. 
 
Keywords: Wind Turbine Noise, Brain Response 

1. INTRODUCTION 
A common complaint from residents in proximity to wind farms is one of sleep disturbance and 

waking up in an agitated state, where sometimes wind turbines may be audible and at other times the 
turbines are not audible.  

Testing in 2017 [1] by the generation of inaudible full-spectrum signals of a high quality, high 
sample rate wave file recording of noise detected in the master bedroom of house 87 in the Cape 
Bridgewater study [2] was presented to 2 groups of nine test subjects. One group involved people who 
have been found to be sensitive to wind turbine noise who had either moved away/abandoned their 
homes or reside at a different place a number of times per week. The second group (control group) had 
never been exposed to wind turbine noise. 

Monitoring of wind turbine noise (both external to premises and inside dwellings) has revealed the 
presence of a dynamically pulsed amplitude modulation [3] which involves a significant variation in 
the overall pressure level where that variation occurs at an infrasound rate, being identified as the 
blade pass frequency. One common description used to describe this modulation for wind turbines is 
“amplitude modulation”  The pulsation affects all frequencies and is not necessarily amplitude 
modulation as defined in an electrical engineering sense (other than modulation of the tone associated 
with the gearbox output shaft) [4]. Utilising digital frequency analysis of the infrasound region reveals 
a signal at the blade pass frequency and harmonics of that frequency. 

Leventhall [5] has suggested the modulation of the low frequency components of wind turbine 
noise may be the source of annoyance and not infrasound per se.  

Basner and Greifhan [6] have suggested that monitoring of heart rate variability may be one tool for 
investigating sleep disturbance associated with wind turbines.  

Due to relocation from premises containing the laboratory used for previous “wind turbine noise 
testing”, and the need to consider reconstructing laboratories in a temporary location, an experimental 
test of a one-person case study was undertaken to monitor the test subject's heart rate and brainwaves. 
Seven different signals were being applied in two test rooms.  
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2. METHODOLOGY  
The test signals that were utilised for the experiment involved:  

 the Cape Bridgewater test signal (inside a dwelling) utilized in the previous study [1],  
 surf noise at a headland above ocean cliffs,  
 three different samples of wind turbine noise obtained in the outside environment involving 

different degrees of amplitude modulation, 
 noise of a large exhaust ventilation fan for an underground coal mine,  
 white noise, and  
 ambient noise prior to and after the seven samples. 

 
The monitoring of the test subject for the seven samples (and the ambient noise) utilised each 

sample having a time period of three minutes with all samples being inaudible to the test subject in 
both test rooms. 

The first room that was tested was a 126m3 reverberation room used in the previous studies where 
all the internal walls and the roof are lined with 50 mm thick medium density polyester and the noise 
emitter for the signal generation was twelve 15 inch 1000 watt (RMS) subwoofers fixed to a baffle of 
two layers of 38 mm craftwood and three layers of 16mm plasterboard mounted in the aperture of the 
reverberation room. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1: Test set up in Reverberation Room 
 
The frequency response of the subwoofers falls off after 1 kHz and thereby provides an effective 

low pass filter to restrict the signal to the low/mid frequency bands and the infrasound bands. The 
system is able to generate a clear sine wave at 1 Hz at a level of 96 dB. 

The second room was a hemi-anechoic room where all walls and ceiling are subject of seven layers 
of insulation, with the first three layers being a high-density polyester (50 mm thick), followed by 50 
mm thick glass wool insulation and three layers of 50 mm thick low density polyester. The anechoic 
room as an empty room has a volume of 31 m3. 

The speakers in the anechoic room involved three 12 inch subwoofer speakers in a sealed enclosure 
and three (vertical) line array speakers (28o beam width for each array) positioned across the short 
dimension of the room so as to create a uniform sound field with the capability of the line arrays to 
generate frequencies up to 16 kHz. 
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Figure 2: Speaker set up in hemi-anechoic room 
 
The line array system in the hemi-anechoic room has been used for the evaluation of stereo versus 

mono signals [1]. For the purpose of this study all three sets of line array/subwoofers had the same 
signal (i.e. mono) generated across one end of the hemi-anechoic room. 

The original signals for obtaining the sound files were recorded using a Bruel & Kjaer LANXI 
Pulse Unit Type 3050-B-040, using GRAS 40AZ microphones and B & K 2669 preamps. The 
recordings were obtained using B & K Pulse DATA Recording Module  or B & K Connect with a 
sample rate of 51.2 kHz rather than the typical 44 or 48 kHz rate, which has been found to be lacking 
in terms of reproduction of the pulsations associated with wind turbine noise and other transient noises 
[7]. 

As the acoustic signature of wind turbines contains a time varying stream of pulses occurring at an 
infrasound rate, under the “fluctuation” definition from Zwicker & Fastl [8] the individual senses 
rather than hears the modulation with the degree of sensing dependent upon the rate of the 
pulse/modulation and the depth of the modulation. Leventhall [5] refers to Bradley [9] who 
investigated modulation at an infrasound rate of low frequency noise and found a similar result to 
Zwicker & Fastl, but expressed the impact in terms of annoyance. 

The four wind turbine signals contain amplitude modulation to varying degrees. The ventilation fan 
has an infrasound pulsation whilst the surf noise and white noise have no periodic function.  

The detailed narrow band and 1/3 octave band, time and frequency data for the seven signals 
(derived in accordance with the procedure in ref [4]) can be viewed from the following links 
(http://acoustics.com.au/media/ICA2019BW01and 
http://acoustic.com.au/media/ICA2019BW02.pdf). 

Figure 3 presents the A-weighted Leq spectra (including the modulation indices) for the wind 
turbine signals, whilst Figure 4 presents the ventilation fan (with modulation indices) versus the surf 
noise and white noise (that have no modulation indices). 
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Figure 3 – A-weighted 1/3 Octave Bands and Modulation Indices for the 4 Wind Turbine Samples  
 

 
 

Figure 4 – A Weighted 1/3 Octave Bands an Modulation Indices Non-Wind Turbine Samples 
 
 
However, in dealing with internal noise levels the attenuation of building elements renders the use 

of A-weighted spectra of little assistance. The use of Unweighted (linear) results (Figure 5) would 
appear to be more appropriate for assessing fluctuations where higher amplitude modulation indices 
can be seen. 

931



 

 

   
 
 

 
Figure 5: Figure 3 as Unweighted levels 

   
 
The generated wave files were sent to multiple D Class 2000 watt amplifiers via a 

high-performance Schiit Gungnir DAC providing a 115 dB dynamic range analogue output from 1 Hz 
to 100kHz (-1dB). The D class amplifiers had input compensation capacitors to provide a frequency 
response from 0.5 Hz. 

The audio signals were individually normalised to a 25 dB(A) source level then attenuated to 
achieve a contribution of 18 dB(A) for the reverberation room and 12 dB(A) for the hemi-anechoic 
room, to be inaudible in both rooms. 

For the levels that were generated, the testing was undertaken in accordance with Australian 
Standard AS 1269.4 Occupational Noise Management, Part 4: Auditory Assessment [10] and the 
testing conducted in accordance with the ASA Ethical Principles of the Acoustical Society of America 
for Research Involving Human and Non-Human Animals in Research and Publishing Presentations 
[11]. An observer was present in each room during the testing. 

The test subject was not aware during the testing of the type of noise source, or when the signals 
were applied. The psychologist was given a 1 minute count down to the application of the test signals 
but no information as to the content/type of the signals.  

The heart rate monitoring used a Contec Medical Systems Dynamic EGG System Model TLC5000, 
with the setup of the monitor conducted by a Registered Nurse.  

The brain wave monitoring was conducted by a Psychologist who is an accredited BCIA Certified 
Practioner using a J&J Neuronavigator. The test subject has been a patient of the psychologist for 11 
years, is familiar with the conduct of brainwave tests and would not exhibit any anxiety associated 
with the EEG testing.  

The EEG data was run through a normative database to evaluate the nature of the severity of 
deregulation in brain regions. The normative database used was the Dr Robert Thatcher Neuroguide 
database (Applied Neuroscience Inc). 

The QEEG (Quantitative EEG) provides information on impaired conduction and connectivity 
between different areas and neural networks in the brain. 
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3. OBSERVATIONS 
The first set of tests in the 126 m³ reverberation room [12] were undertaken with the test subject in 

the centre of the room in front of the sound field from the speakers, with eyes closed throughout the 
entire test.  

The test subject was unable to detect any noise during the test program. 

4. RESULTS  
The subsequent post analysis of the data was examined with respect to the time of the applied 

signals noted by the acoustician controlling the signal generation.    
The heart rate monitor revealed variations during the different test samples. 
The details of the EEG results are outside our area of acoustic expertise and will be the subject of a 

separate paper by the psychologist. However, the results have been summarised for mere acousticians 
as follows:   

 The monitoring of the brainwaves revealed for the reverberation room test a posterior 
dominated alpha frequency of 10 Hz with the overall amplitude remaining within two 
standard deviations of the norm, except for the ventilation fan test. In terms of individual 
brain monitoring sites, the Bilateral Medial sites (T3 and T4) were found to exhibit changes 
depending upon the different (inaudible) signals. 

 The increase in T3 and T4 exhibited during the noise samples remained at a steady rate 
during the white noise and the baseline testing. 

 Monitoring in the hemi-anechoic room after a 10 minute break for setting up equipment 
found at the commencement of the testing that the fundamental  posterior dominate alpha 
frequency of the test subject had reduced to 9.5 Hz and that by the end of the testing had 
reduced to 8 Hz. 

 For the same test signals in the hemi-anechoic room the EEG indicated levels exceeding 2 
standard deviations with respect to the normative database. Noticeable increases in the 
Bilateral Medial sites (T3 & T4) were observed and a significant increase in the Central 
Midline site (i.e. Vortex Cz). 

5. DISCUSSION  
The consequence of having full-spectrum frequencies generated in the anechoic room revealed that 

on a dB(A) basis the levels in the anechoic room were actually lower than in the reverberation room, 
but the inaudible levels in the hemi-anechoic room had a significantly greater high frequency 
component by reason of the frequency response of the speaker system being used. 

The increased frequency response for the hemi-anechoic room suggests that for the same dB(A) 
level the presence of inaudible frequencies above 1kHz is relevant. 

Subsequent comparisons of the same signals in the reverberation room (limited to 1kHz) to 
observations in the hemi-anechoic room (by other test subjects) consistently gives rise to a greater 
level of annoyance in the hemi-anechoic room by persons having a sensitivity to wind turbine noise.  

The results of this single case study, when added to the pilot study [1] referred to above, suggests 
that persons with a sensitivity to turbine noise can experience changes in the EEG during the presence 
of the signal or the operation of turbines, even when such noise is inaudible. 

The changes in EEG and heart rate that were observed in the testing of the inaudible sound are an 
automatic response of the body and cannot be attributed to the false claim of nocebo and as such 
support the startle reflex concept previously considered [13].  

6. CONCLUSION  
Testing was undertaken as an extension of the 2017 double blind pilot study of inaudible wind 

turbine noise to investigate whether heart rate monitoring or brainwave monitoring could identify a 
response to the sample noise. 

This one case experimental study is the result of six years of investigation into measuring and being 
able to accurately create wind turbine noise for laboratory study (by others).  

 The testing found that there was a measurable impact under EEG monitoring to the test samples, 
thereby supporting the hypothesis for undertaking further studies in this work for which funding is 
being sought. 
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From this testing it is proposed: 
 

 The testing could be undertaken using the existing test samples for one case study, or in the 
resident’s home and then repeated as on “on/off” test  in the laboratory. 

 The testing utilize one test sample spectrum in a session with a nominal exposure of 20 
minutes. Then the exercise be repeated with a different test sample.  

 A recovery time of not less than 30 minutes be applied if another sample signa l is to be 
tested. 

 The study team should be expanded to include appropriate medical experts to undertake 
additional testing to ascertain the components of the body responding to the test signal.  

 The testing involved immersing the test subject into the entire sound field and not just 
headphones exciting the ears. Accordingly, testing of using just headphones could be of 
benefit in assessing whether the impact is a whole body experience or just the ears. .   
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ABSTRACT 
BACKGROUND. Previous residential surveys have been conducted in areas involving wind turbines (WTs) 
less than 3 MW. However, modern WTs are usually larger than 3 MW and the applicability of the previous 
results must be re-examined. Previous results show that sound level explains only a small portion of noise 
annoyance in WT areas.  
AIM. The purpose was to determine how various non-acoustic factors are associated with WT noise 
annoyance.  
METHODS. The survey was conducted around three areas involving WTs sizing from 3 to 5 MW in Finland. 
Altogether 318 permanent residents living within 2 km from the WTs answered the survey. The modelled 
WT noise outside their houses ranged from 27 to 44 dB LAeq.  
RESULTS. The concern for health effects of WT noise was the strongest associate of WT noise annoyance. 
Other factors were area, noise sensitivity, gender, and general attitude towards wind power as an energy 
production form. Sound level of WTs had only a weak association with annoyance outdoors, but not indoors.  
PRACTICAL IMPLICATIONS. Provision of fact-based information to the residents about the health effects 
of wind turbines could reduce the health concerns and thereby noise annoyance.  
 
Keywords: Wind turbine noise, Non-acoustic factors, Annoyance 

1. INTRODUCTION 
Wind energy is a renewable energy form, which, however, produces special type of sound that can 

be considered as noise, i.e. unwanted sound. Therefore, it can be considered an environmental stressor. 
Wind turbine noise (WTN) can be perceived annoying by people living nearby and it can also cause 
subjective sleep disturbances (1). However, the relationship between noise annoyance and sound level 
is modest (2,3), which means other factors besides sound level play an important role in becoming 
annoyed by the sound. Previous studies have involved wind turbines of 3 MW at most (3). There is a 
need to study the noise annoyance caused by larger WTs since modern WTs are usually larger than 3 
MW.  

Non-acoustic variables related to WTN annoyance can be divided into three categories: personal, 
situational, and contextual. Personal factors are related to person’s characteristics, attitudes, and 
expectations. Personal factors related to WTN annoyance are, for example, noise sensitivity (2,4), 
safety concerns (2), and attitudes towards wind turbines (5). Situational factors are related to general 
situation and environment, as for example, the visibility of wind turbines to the property (4), the 
ownership of the property (2). Contextual factors are not readily present, but influence attitudes 
towards WTN, which can be for example benefitting from the wind turbines (2,4), or unfair politics 
and a siting process that can be reflected to inefficient coping mechanisms and noise annoyance (6).  

The purpose was to determine how various non-acoustic factors are associated with WT noise 
annoyance in three Finnish wind power areas with large wind turbines (3-5 MW). From each 
participant, we collected the questionnaire data as well as the modeled sound level of WTN outside 
their houses. We formed models of variables related to WTN annoyance. We expected the sound level 
to have a small but significant influence on annoyance. Other variables we expected to be related to 
WTN annoyance were noise sensitivity, attitude towards wind power, visibility of wind turbines and 
ownership of the house. A more detailed report of the study has been published in Ref. (7) and a 
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detailed dose-response relationship of the data used here was published in Ref. (3).  

2. METHOD 

2.1 Sample 
The sample consisted of the residents close to three wind power areas in Finland. Variable area 

describes the area the participants live in (area 1, area 2, and area 3). These areas were chosen to 
represent different types of WT areas. The areas differed from each other in three factors: general 
resistance (area 1 was the most against), population density (area 3 was the most densely populated), 
and history of land use (area 1 was located near industrial area, while areas 2 and 3 were in recreational 
areas). The residents living within 2 km from the nearest WT were invited to participate. The survey 
was conducted using both face-to-face interviews and in-mail questionnaires.  

2.2 Sound level predictions 
Outdoor sound pressure level (SPL) in each participants yard was predicted according to 

international standard (8). The method used in this study was described in more detail by Hongisto et 
al. (3). The outcome was the A-weighted equivalent SPL, LAeq, (later: sound level) at a height of 4 m 
from the ground. The predicted sound level corresponds to the weather conditions when the WTs 
operate at their maximum power. The sound level predictions were verified in each area using 
measurements during maximum electric power and the predicted sound levels corresponded well with 
measured sound levels (3). In addition to sound levels, 5-dB wide sound level categories are used in 
this study. 

2.3 Questionnaire 
Table 1 describes the set of questions used in this study and Table 2 their response scales. The 

questionnaire included a vast set of questions. Here we included only those, which were presented in 
all three areas, and were not correlated with other questions in the set. Questions dealing with sleep 
were left out because we focus on annoyance. The full set of questions can be found both from Refs. 
(3) and (7). 

2.4 Dependent variables 
We used %A indoors and %A outdoors as the dependent variables in our study. %A means the 

percentage of annoyed respondents. A participant belongs to the group of %A indoors, if he/she 
responded “4” or “5” to variable annoyance indoors. We used similar dichotomization protocol for %A 
outdoors.  

2.5 Statistical analysis 
Different areas were compared with each other using Fisher’s exact test for dichotomous variables 

and analysis of variance for continuous variables. In addition, the response rates from different sound 
levels were compared using Fisher’s exact test. Absolute sound levels were used instead of sound level 
categories. The binary logistic regression models were used to get a predictive power of different 
variables related to %A indoors and %A outdoors. The final variables in the binary logistic regression 
model were: noise sensitivity, health concern, energy attitude, landscape attitude, sound level, 
visibility, and the background factors of gender, age, and area. We used a stepwise model with 
conditional forward selection with an entry threshold of 0.05 and a removal criterion of 0.10.  
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Table 1 – Variables, their explanations and response scales. The response scales are defined in Table 2.  

 
 

Table 2 – The response scales of questions. 

 

3. RESULTS 
Table 3 describes the samples from different areas.  
%A indoors was 8.0% and %A outdoors was 15.4% in the whole sample. According to Figure 1, %A 

indoors and %A outdoors depended on the area (%A indoors p<0.001 and %A outdoors p<0.001) and 
sound level (%A indoors p=0.001 and %A outdoors p<0.001).  

We examined with logistic regression which are the most important variables associated with WTN 
annoyance (Table 4). Health concern was the most important variable and area was the second-most 
important variable in both models of %A indoors and %A outdoors.  

The results of logistic regression can be interpreted by the following example: when a participant 
gave a step higher answer in health concern, he/she was 4.5 times more likely to be annoyed by WTN. 
Other important variables were energy attitude and noise sensitivity. Women were more often annoyed 
by WTN indoors than men were. Sound level was included in the model only with %A outdoors.    

4. DISCUSSION 
We cannot suggest any causality relationship between the subjective variables involved in our study. 

However, noise annoyance has been found to be the most usual health effect of WTs (1). Therefore, it 
was justified to develop a model for annoyance indoors and annoyance outdoors and not for health 
concerns. 

 

Variable name Question(Q)/explanation Scale
Annoyance outdoors Q16a. How annoying do you find the WT sound oudoors in your yard? A

Annoyance indoors Q18a. How annoying do you find the WT sound indoors inside your apartment? A

Noise sensitivity Sum of questions 10a. (reversed) and 10b.

Q10a. I easily get used to most sounds. B

Q10b. Sounds annoy me easily. B

Health concern Q31. Are you concerned about possible effects of WT sound on your health? C

Landscape attitude Q24. The influence on WTs for the scenery is… D

Change attitude Q25. Has your opinion changed about the WTs after building it in the area? D

Community benefit Q28. Has your community benefited from WTs? E

Energy attitude Q30. What is your opinion of the wind power electricity as a form of energy? F

Trust for operators Q33a. Do you think  the operators of wind farms have done enough to control possible damages? E

Trust for authorities Q33b. Do you think  the authorities have done enough to control possible damages? E

Visibility From Q22 and Q23 if one is yes, WT is visible E

Q22. Can you see a WT from your yard? E

Q23. Can you see a WT from your window? E

Scale Response categories

A 1 Sound not audible. 2 Sound audible, but not annoying. 3 Sound annoys a little. 4 Sound annoys 
quite much. 5 Sound annoys a lot.

B 1 Disagree strongly, 2 Disagree to some extent, 3 Neither disagree nor agree, 4 Agree to some extent, 
5 Agree strongly

C 1 Not at all, 2 Only slightly, 3 To some extent, 4 To a great extent, 5 To a very great extent.

D 1 Clearly positive, 2 Somewhat positive, 3 No influence/neutral, 4 Somewhat negative, 5 Clearly 
negative

E 0 No, 1 Yes

F 1 I am very positive, 2 I am more positive than negative, 3 I am neutral, 4 I am more negative than 
positive, 5 I am clearly negative
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Table 3 – The description of participants in different areas, in total, and whether the areas differed from 

each other. 

 
 

 

Figure 1 – (a) The percentage of annoyed residents, %A, per area. (b) The percentage of annoyed residents 

as a function of sound level category, LAeq.  

 

 

 

 

 

Area 1 Area 2 Area 3 Total p -value
No. of households within 2 km 107 189 457 753
No. of all respondents 70 91 268 429
Response rate [%] 65.4 48.1 58.6 57
Permanent residents [%] 54 41 95 77
No. of participants (No. of 
permanent residents)

30 37 251 318

Age  [yr] 0.01
Mean (SD) 60 (14) 59 (14) 53 (15) 55 (15)
Range 24–85 23–85 17–89 17–89
Gender , Females [%] 56.7 32.4 48.6 47.5 ns
Sound level  [dB L Aeq] <0.001
Mean (SD) 38 (3) 36 (3) 34 (3) 34 (3)
Range 34–44 32–41 27–46 27–46
Distance  [m] <0.001
Mean (SD) 1395 (372) 1317 (327) 1542 (244) 1503 (279)
Range 672– 2005 785– 1901 479– 1996 480– 2005
Trust in authorities  [%] 12.5 66.7 48.6 46.0 0.001
Trust in operators  [%]

12.0 66.7 50.8 48.3 <0.001
Community benefit  [%] 18.5 51.7 21.8 24.6 0.003

ns=non-significant
SD=Standard deviation
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Table 4 – The logistic regression models for %A outdoors and %A indoors. 
  

 
 

 Health concern is the most important variable related to both annoyance indoors and annoyance 
outdoors. In other words, if a person is concerned that WTN might have an influence on their health, 
he/she is more likely to be annoyed by the noise. The second variable related to annoyance is area. 
This is somewhat surprising, even though we selected areas to represent different types of wind 
turbine areas. The negative attitude of people in area 1 is clearly reflected to the annoyance scores of 
that area (62% annoyed outdoors and 31% indoors), whereas in area 2, no one belongs to the group 
of %A indoors and only 6% belongs to the group of %A outdoors. Table 3 shows that the respondents 
from different areas have also different opinions on whether they trust the authorities and operators 
and whether their community has benefited from the WTs. The benefit has been linked to annoyance 
already earlier, but mainly on a personal level (2,9). In our sample, there were just six persons 
benefiting personally from WTs. Based on other information we have received, we believe that also 
differences in land use history are reflected in the attitudes of people from different areas. 

%A outdoors
Variable Groups in the variablea

OR (Cl)b p-value e Order of entry into model:
R 2  at each step

Health concern Scale: 1-5 2.71 (1.78, 4.11) <0.01 Step 1: 0.43

Area Area 1 10.32 (2.22, 47.84) <0.01 Step 2: 0.58

Area 2 0.29 (0.03, 3.21) 0.31
Area 3 Reference <0.01

Energy attitude Scale: 1-5 1.89 (1.24, 2.87) <0.01 Step 3: 0.63
Noise sensitivity Scale: 2-10 1.69 (1.23, 1.32) <0.01 Step 4: 0.67
Sound level [dB] Continuous 1.41 (1.14, 1.74) <0.01 Step 5: 0.71
%A indoors
Variable Groups in the variablea

OR (Cl)b p-value e Order of entry into model:
R 2  at each step

Health concern Scale: 1-5 4.46 (2.41, 8.26) <0.01 Step 1: 0.47
Area Area 1 5.69 (1.25, 25.97) 0.03 Step 2: 0.55

Area 2 f 0.00 (0.00, 0.00) 1
Area 3 Reference 0.08

Noise sensitivity Scale: 2-10 1.81 (1.15, 2.84) 0.01 Step 3: 0.60
Gender Female/Male 8.30 (1.63, 42.19) 0.01 Step 4: 0.63
Energy attitude Scale: 1-5 1.92 (1.10, 3.35) 0.02 Step 5: 0.67

f Area 2 had no-one reporting annoyance indoors  larger than 3.

a The reference category in categorical variables is always the last category.

Logistic regression model

b Odds ratio (OR) and 95% confidence interval CI based on the binary logistic regression model; an OR indicates how
much the odds of belonging to a dependent group changes with one step of independent variable. OR > 1 indicates that
odds of belonging to dependent group were higher relative to the reference group or category and OR < 1 means they
were lower.
c The Nagelkerke pseudo R 2 gives an estimate of the proportion of deviance explained by the model. Its values are
between 0 and 1, 1 indicating perfect fit.
d H-L: Hosmer-Lemeshow test, p>0.05 indicates a good fit.
e p-values  indicate whether the variable was significantly contributing to the model.

(N=280, R 2 =0.710,c H-L,d p =0.651)

Logistic regression model

(N=281, R 2 =0.667,c H-L,d p =0.992)
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Other variables related to annoyance were noise sensitivity and energy attitude. Noise sensitivity 
is reported as a personal variable in previous studies (2,4). Sound level was included only in the model 
of %A outdoors. This might reflect the fact that indoors the noise is reduced by building façade and 
its direct importance is reduced. However, the sound insulation of building façades differs a lot (10) 
and it may partially explain the variance between respondents. Gender was included in the model %A 
indoors. Women reported more annoyance of WTN indoors than men did. A previous study on WTN 
annoyance did not report a gender difference in annoyance indoors (4).     

5. CONCLUSIONS 
To reduce annoyance, we suggest that factual knowledge should be used to answer people’s 

concerns. This could reduce people’s concern and sensitive people would feel they are being listened 
to.  
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Abstract
This contribution presents the study of acoustic effects occurring in polymer films irradiated by high-intensity
focused ultrasound (HIFU), when the films are sandwiched between a solid waveguide transducer and a solid
counterpart. Whereas the heating of polymer plates induced by HIFU was already reported in the literature,
the acoustic effects in thin polymer films remain not fully understood. In order to investigate the sound field
occurring in polymer films, measurements of the acoustic pressure in water between transducer and counterpart
spaced from less than a wavelength in water are carried out using a membrane hydrophone. The measurements
are compared to an acoustic finite element simulation modeling the sound field in water between the transducer
and the counterpart. In order to evaluate the analogy between the acoustic pressure measured in water and the
effective acoustic pressure occurring in polymer films, a second acoustic finite element simulation is conducted
to model the irradiation of polymer films with HIFU in dry environment and compared to the simulation and
measurements of the acoustic pressure in water. A direct correlation between measurements and simulation is
found. The investigation reveals that complex interferences occur in polymer films. These findings are relevant
for new joining processes of polymer based on HIFU.
Keywords: HIFU, Simulation, Sealing

1 INTRODUCTION
High-intensity focused ultrasound (HIFU) is growing of interest for industrial applications (sonochemical appli-
cations for surface treatment, forming, polymer heating and welding for example) [1, 3, 4, 5, 8]. Several authors
investigated the thermal effects induced by HIFU in polymer samples both in water [2] and dry environment
[3, 4, 5, 8]. They showed that polymer samples can be heated quickly and locally using HIFU. The investiga-
tion of HIFU-induced heating in polymer samples has been subject to many experimental studies of the thermal
effects, but only a single paper describes the sound field between a solid waveguide and a solid counterpart in
water [7]. This contribution is an overview of the above mentioned paper [7].
The aim of this contribution is to present an experimental method to determine the acoustic pressure in polymer
films, sandwiched between a solid transducer and a counterpart. Because, to the best of authors knowledges, no
method is known to measure the acoustic particle velocity in non-transparent polymer films, a method measuring
the acoustic pressure in water and relating the results to the acoustic pressure in the polymer using simulation
is presented. First, the experimental setup of the test bench used to measure the acoustic pressure, as well as
the results obtained with this one are described. Second, the acoustic simulation method is depicted. Then, the
acoustic experimental and numerical results are compared. Finally, the calculated acoustic pressure in water is
compared with the calculated one in polymer films.
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2 METHODS
2.1 Experimental set-up for sound field measurements
The aim of this experimental setup is to quantify the acoustic pressure amplitudes of ultrasonic waves gen-
erated by a transducer having a solid cone waveguide and occurring between a transducer and an aluminum
counterpart.

Piezoceramics

Waveguide

OD = 64 mm

r = 48.5 mmL = 48.4 mm

D = 3 mm

Figure 1. Transducer used in this study [3, 4, 5].

The transducer used consists of a spherical curved piezoceramics (PZ26) mounted on a cone-shaped waveguide
made of aluminum [3, 5]. The flanges of the waveguide are clamped into the transducer housing. The charac-
teristics of the transducer are summarized in figure 1. The transducer has a resonance frequency measured at
f = 1 096 kHz.

Figure 2. Experimental set-up for sound field measurement between waveguide and counterpart in water
ONDA R©[7]. Sinusoidal burst signal, 3 cycles, repetition period of 100 ms. Broadband PVDF membrane hy-
drophone: sensitivity 0.147 mV/kPa @ 1 MHz, PVDF-film thickness of 11 µm, active surface of 200 µm diam-
eter [9], 100 ms waiting time between each measurements.

The transducer is mounted and fixed on a water tank panel. The counterpart as well as the membrane hy-
drophone are placed in front of the transducer waveguide tip (figure 2). The setups of the experiments are
resumed in [7]. The distance between counterpart and waveguide is 1±0.2 mm.
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2.2 Numerical acoustic simulation setup
A first numerical model based on axi-symmetric two dimensional transient dynamic explicit analysis of the
ultrasound propagation in the transducer and the water is performed in Abaqus R©(figure 3a). The transducer as
well as the counterpart and the water are modeled. The transducer and the counterpart consist of hexaedral solid
elements (8-node biquadratic, reduced integration). The water is described with hexahedral acoustic elements.
The mesh size for both types of elements is smaller than λ/20. The parts of the model are contacted with each
other using TIE-contacts.
The axi-symmetry of the model induces that the displacements in the radial direction are equal to zero on the
axis of symmetry. The flanges of the waveguide are clamped as the test bench setup described above: no
displacement in radial and axial directions. An acoustic pressure of zero is applied on the water surface to
avoid the generation of pressure at the water surface (ideal soft boundary).
A second numerical model is built, considering polymer films instead of water gap (figure 3b). The boundary
conditions, mechanical conditions as well as the types of elements and the mesh size are the same as the
previous mentioned model. However, the water is replaced with the polymer film, modeled with solid elements
(8-node biquadratic, reduced integration). The extern sides of the film are clamped. The contacts between the
film and the counterpart as well as the transducer are modeled with TIE-contacts.
In both cases, the simulation is performed with a burst-signal having 3 cycles and a repetition period of 100 ms.
A voltage amplitude of 500 mVpp is applied at the piezoceramics backside. With view to reduct the calculation
time, the piezoceramics is approximated to a solid body under expansion for both models [7].
The material properties of the piezoceramics and the waveguide given by the manufacturer are used for the
simulation because previous studies showed that the measured acoustic impedance and particle velocities at the
waveguide tip match well with the calculated ones [5]. The waveguide made of aluminum has the following
material properties: Young’s Modulus of 70 GPa, density of 2700 kg/m3 and Poisson coefficient of 0.33 [6].
A structural damping, determined using vibrometry, is included in the simulation (0.001 and 0.00112 for the
piezoceramics and the waveguide respectively) [7].

Counterpart

Water

Waveguide

Piezoceramics

Electrical voltage |Vpp| = 500 mVpp

ur = uz = 0

ur = uz = 0

ur = 0

p = 0

(a)

Counterpart

Polymer film

Waveguide

Piezoceramics

Electrical voltage |Vpp| = 500 mVpp

ur = uz = 0

ur = uz = 0

ur = 0

(b)

Figure 3. Simulation models: (a) In water, (b) In dry environment [7].
Reprinted from Applied Acoustics, Vol. 142, "Investigations on the sound field between waveguide and counterpart induced by high-intensity
focused ultrasound in thin polymer films", Pages No. 114-122, Copyright 2018, with permission from Elsevier.
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3 RESULTS
First, a reference measurement of the sound field is performed when the transducer irradiates in water without
having a counterpart placed in front of it in order to quantify the propagation of the wave in free field [7].
Second, a simulation is built with the same setup in order to compare the simulation results with the experi-
mental ones. A good qualitative correlation is found between the experimental and simulation results (figure 4).
A focal region having the form of an ellipse, surrounding with two seconder pressure peaks is found in both
cases. The calculated pressure amplitudes are, however, around 50 times higher than the measured amplitudes.
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Figure 4. RMS pressures in MPa in water (represented as effective pressure) at f = 1096 kHz: (a) Sound field
measured behind the transducer in water without counterpart, (b) Calculated rms pressures in MPa in water [7].
Reprinted from Applied Acoustics, Vol. 142, "Investigations on the sound field between waveguide and counterpart induced by high-intensity
focused ultrasound in thin polymer films", Pages No. 114-122, Copyright 2018, with permission from Elsevier.

The same experiment is performed when a counterpart is placed in water in front of the transducer at a distance
smaller than a wavelength in water (figures 2 and 3a). The similarities between measured and calculated sound
pressures are difficult to identify (figures 5a and 5b), because the pressure was not measured at less than 0.2 mm
of the waveguide tip and the counterpart surfaces in order to avoid any membrane hydrophone damages (figure
5a). The discrepancies between experimental and simulation results are caused by the transducer manufacturing
deviations and the tolerance of the counterpart position for the acoustic pressure distribution, as well as, by the
occurrence of a frequency decrease of the waves in small gaps (part of the frequencies are outside the bandpass
filter) concerning the discrepancy of the pressure amplitudes [7]. As explained in [7], "there is neither sound
focus nor wave superposition" in contrast to the reference measurements (figure 4). However, comparing the
pressure illustrated in figure 5a with the pressure included in the black rectangle depicted in figure 5b, a small
central pressure peak as well as side pressure peaks are observed in both models.
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(b) Simulation

Figure 5. Effective pressures between waveguide and counterpart for a distance of 1 mm at f = 1096 kHz. [7].
Reprinted from Applied Acoustics, Vol. 142, "Investigations on the sound field between waveguide and counterpart induced by high-intensity
focused ultrasound in thin polymer films", Pages No. 114-122, Copyright 2018, with permission from Elsevier.
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Figure 6 illustrates the temporal progression of the waves in water between the transducer and the counterpart.
First reflexions of the focused waves occur at the counterpart as soon as the first wave travels through water,
leading to complex interferences of the waves in the water gap. The superposition of the waves leads to a
annihilation of the waves after 12.7 µs irradiation time.
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Figure 6. Calculated pressures between transducer and counterpart in water - gap size = 1 mm [7].
Reprinted from Applied Acoustics, Vol. 142, "Investigations on the sound field between waveguide and counterpart induced by high-intensity
focused ultrasound in thin polymer films", Pages No. 114-122, Copyright 2018, with permission from Elsevier.

A simulation of the acoustic pressure in polymer films (low-density polyethylene - the material properties can
be found in [8]) sandwiched between the above described transducer and counterpart is performed. The same
simulation setups, as described previously, are used. The water is, however, replaced with an air-environment
and a polymer film clamped between the transducer and the counterpart (figure 3b). A boundary condition p = 0
is added to the polymer film surfaces in contact with the air-environment [7]. With view to simplification, the
state change of the polymer films is not modeled.
The calculated acoustic pressure occurring in the polymer film presents the same distribution than the acoustic
pressure in water (figure 7). The amplitudes of the acoustic pressures are for both similar as well.

0 0.5 1 1.5

−1
0
1

z-axis in mm

y-
ax

is
in

m
m

0

1 ·10−2

2 ·10−2

R
m

s
pr

es
su

re
in

M
Pa

Figure 7. Calculated rms pressures in MPa in low density polyethylene, thickness = 470 µm (corresponds to
half a wavelength in low density polyethylene) [7].
Reprinted from Applied Acoustics, Vol. 142, "Investigations on the sound field between waveguide and counterpart induced by high-intensity
focused ultrasound in thin polymer films", Pages No. 114-122, Copyright 2018, with permission from Elsevier.

The analysis of the temporal progression of the waves in the polymer film reveals that the first wave reflexion
at the counterpart occurs around 9.7 µs (figure 8). This is later than in water. However, the interference of
the waves generates, in the case of the polymer film, a constructive superposition of the wave amplitudes.
Annihilation of the waves is not observable when the irradiation time is smaller than 13.7 µs. This discrepancy
between the acoustic pressure calculated in water and the ones calculated in polymer films can be explained
with the air surrounding the polymer: The energy is not radiated sidewards to the transducer [7].
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Figure 8. Calculated pressures in low density polyethylene film upstream to the transducer. [7].
Reprinted from Applied Acoustics, Vol. 142, "Investigations on the sound field between waveguide and counterpart induced by high-intensity
focused ultrasound in thin polymer films", Pages No. 114-122, Copyright 2018, with permission from Elsevier.

4 CONCLUSIONS
This contribution shows that it is possible to quantify the acoustic pressure occurring in polymer films, when
the polymer film is included between a solid transducer and a counterpart, measuring the sound field in water
between the transducer and the counterpart. The simulation of both configurations confirmed the validity of this
method. These findings are relevant for future predictions of the acoustic pressures in polymer films induced
with HIFU.
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ABSTRACT 
Energy-efficient process intensification is a key aspect for a sustainable industrial production. To improve 

energy conversion efficiency high intensity cavitation is a promising method, especially in cases where the 
material to be treated is valuable and on the micro meter scale. Transient collapsing cavitation bubbles gives 
powerful effects on objects immersed in fluids, like cellulose fibers, mineral particles, enzymes, etc. The 
cavitation process needs optimization and control, since optimal conditions is a multivariate challenge. This 
study focuses on different design principles to achieve high intensity cavitation in a specific volume in a 
continuous flow. The investigation explores some potential design principles to obtain energy efficient 
process intensification. The objective is to tune several different resonance phenomena to create a powerful 
excitation of a flowing suspension (two-phase flow and cavitation bubbles).  The reactor is excited by 
sonotrodes, connected to two coupled resonant tube structures, at the critical frequency. Finally cavitation 
bubbles are initiated by a flow through a venturi nozzle. The acoustically optimised reactor geometry is 
modelled in Comsol Multiphysics®, and excited by dedicated ultrasound signals at three different 
frequencies. The effect of the high intensity cavitation is experimentally evaluated by calorimetric method, 
foil tests and degree of fibrillation on cellulose fibers.  

 
Keywords: Structural acoustics, Ultrasound, Hydrodynamics, Cavitation 

1. INTRODUCTION 
Process industries are cornerstones in today’s industrialized society for the manufacturing of 

various goods and products used in our day to day life. Process intensification is a strategy developed 
to satisfy these demands and at the same time improve production capabilities. One promising example 
is the implementation of devices using the principle of hydrodynamic and acoustic cavitation. 
High-intensity cavitation in the ultrasonic range can change the physical and chemical properties of a 
wide range of substances and hence, improve the production rate and quality. 

Pulp and paper production and extraction of metals from minerals are two industrial sectors that 
need to meet new demands regarding energy efficiency. Special focus is on fibrillation which is the 
most energy demanding processes within pulp and paper industry, with an energy efficiency of 1%. 
Leaching of minerals characterized by high activation energy is another energy demanding process. 
Minerals that fall into this category are tetrahedrite, nickel laterites, scheelite, wolframite, etc., these 
types of minerals are typically leached in autoclaves at elevated pressures and temperatures making 
them highly energy intensive.  

There are two main reasons for the limited use of dedicated devices for hydrodynamic and acoustic 
cavitation in process industry: (i) The method requires extensive optimization that depends on 
multiple process parameters and (ii) Problems in the implementation on a larger scale with respect to, 
stability and robustness, energy efficiency and high flow rates.  

This study focuses on the methodology for the design and optimization of a scalable flow through 
reactor. In the applications mentioned above, with respect to high-power ultrasound, various reactor 
concepts exist (1 - 5). Focusing on energy efficiency and a scalable flow through concept has governed 

                                                        
1 orjan.johansson@ltu.se 
taraka.pamidi@ltu.se 
vijay.shankar@ltu.se 
torbjorn.lofqvist@ltu.se 
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the design ideas towards a double tube type of reactor, combining both hydrodynamic and acoustic 
cavitation. The outer tube is made of stainless steel. The two-phase flow that needs to be processed 
flows through the inner tube of plastic material containing the venturi. Before entering the reactor, 
bubbles are initiated when the flow passes through the optimized nozzle (venturi). The water volume 
between these tubes is filled with degassed water. The goal of optimization is to create high vibration 
amplitude in the tube wall, coupled to a resonant mode in the enclosed water volume causing a 
high-pressure zone in the center of the tube. Zones with high sound pressure variation are directly 
related to high cavitation intensity.   

2. Acoustic and hydrodynamic design methodology 

2.1 Acoustic design principles 
The objective is to design and match different resonance phenomena to achieve a flow through 

reactor resilient for high intensity acoustic cavitation. The idea is to fully couple a number of resonant 
structures, to generate an efficient power transmission between electrical input and high intensity 
cavitation output. In order to achieve the same, different wave types need to be analyzed and controlled. 
One fundamental assumption is the pressure that builds up inside the tube, is maximized, if the 
standing waves in the water column are excited by a combination of bending wave and breathing mode 
resonances in the tube walls. 

The design strategy starts from classic linear structural acoustic theory, followed by a stepwise and 
multivariate approach using multiphysic simulation software. Start values for optimization are linked 
to: a) Wave speeds in fluids and solid materials, b) Fluid eigenmodes in a cylindrical volume, c) 
Longitudinal resonances in a shell structure, d) Bending wave resonances in a free cylindrical shell 
and e) Critical frequency of a bending wave in a cylindrical shell structure.  

The design parameters are: 
I. Temperature (T), 

II. The diameter of fluid volume (Di) or tube mean diameter (Dm), 
III. Length of fluid volume (Lf), 
IV. Wall thickness of the surrounding tube (h), 
V. Length of the tube (Ls) and 

VI. Fluid and physical properties of the inner tube. * 
* The goal is to design the reactor, so that it is as robust as possible with respect to losses in the central volume. 

Varying the design parameters I to VI in three levels, 729 combinations need to be considered. 
However, initially three of the design variables were kept fixed. Temperature was set to 20 °C, 
diameter Di and water volume length Lf, are set to values that give appropriate mode shapes of the 
contained volume at the target frequency and temperature. However, in the practical application these 
variables are dependent on the effective wave speed of the contained fluid and the cavitation effects.  

a) Wave speeds in fluids and solid materials 
The speed of sound in water is dependent on temperature and the amount of gas and particles in the 

water. However, since the design of the reactor allows the water jacket volume to be degassed by the 
ultrasound only the temperature dependence is considered. The inner volume where solvents and 
mixtures flow through is controlled by variable boundary conditions and loss factors. Compression 
speed of sound in solids and fluids is defined by the Bulk of modulus of elasticity (K) and the fluid 
density (ρ), which both are temperature dependent. Stainless steel (K =163E9 Pa) is approximately 80 
times harder to compress than water, K= 2.20E9 Pa at 20°C. The speed of sound in water varies to a 
greater extent with temperature than stainless steel. In water at 20°C, speed of sound c = 1480 m/s, but 
the temperature dependence is useful for tuning the final response. In the tube structure, the 
longitudinal speed of sound needs to be corrected since the wall thickness is much smaller than the 
wavelength. In plate and shell structures, the quasi-longitudinal wave speed is defined by Equation 1. 

 𝑐𝑐𝐿𝐿 = �
𝐸𝐸

𝜌𝜌(1− 𝑣𝑣2)
 (1) 

b) Fluid eigenmodes in a cylindrical volume  
For the reactor type aimed for, the geometry of the fluid volume is defined so that two independent 

mode shapes can co-exist at the same eigenfrequency. Like a pure mode in the radial direction axial 
and a pure mode in axial direction. Positive interference between these two modes will get maximum 

949



 

 

amplification. But also benefit from the excitation of the related complex mode at a higher secondary 
frequency.  

The inner diameter (Di) of the tube is the first parameter to be defined. If Di = 90 mm then the pure 
radial cross-sectional eigenmode (l = 0, m = 0, n = 1, β0,1= 3.83) occurs at around 20 kHz as in 
Equation 2.  

 𝑓𝑓𝑙𝑙,𝑚𝑚,𝑛𝑛 =
𝑐𝑐
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��
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2
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(2) 

The mode shape generates maximum pressure at the center and along the walls as shown in Figure 
1. The two wavelength radial eigenmode will be at around 37 kHz. The pure radial and axial modes are 
the least sensitive to the losses that occur in the central region where an inner tube in soft plastic 
material will be located. However, real boundary conditions will alter the eigenfrequency e.g. caused 
by resonances in the tube structure and due to changes in the effective fluid wave speed due to 
cavitation. 

At 20°C and 20 kHz the wavelength in water is 74 mm. The length of the water column (Lf) is 
defined to create a pure axial standing wave (m = 0, n = 0) at the target frequency see, Equation 4. Two 
options exist: (i) lf defined as an even number, i.e. full wavelengths and (ii) lf defined by an odd number, 
i.e. half wavelength, The benefit of an even mode number is the symmetric field and stronger pressure 
build up at high cavitation intensity. However, there are multiple competing modes in the frequency 
range of interest. Some frequencies may not contribute to the objective and need to be avoided.  

The best result is can be achieved by superposition of a pure axial mode and the first radial mode, 
due to expected losses along the reactor centerline, both by the presence of the plastic tube and the 
changed wave impedance due to high cavitation activity in the two-phase flow inside the tube. 

 
Figure 1: Different types of eigenmodes in a circular cross-section of a water filled tube in stainless steel.  

c) Longitudinal eigenmodes in a cylindrical shell structure 
The tubes structural modes are coupled to the contained fluid of the tube. A key frequency (fO) is 
related to the breathing mode of the tube, a longitudinal eigenmode in the circumference of the 
cylinder (mx=1, lz=0), as described in Equation 3. The breathing mode is strongly coupled to the water 
column inside the tube. The idea is to enhance the breathing mode and suppress the axial longitudinal 
eigenmodes, by mistuning of the tube length (LS≠ lzλS/2). fO =16.6 kHz for a cylinder in stainless steel 
with DM=100mm. fO < fUS to maximize the acoustic coupling between structure and fluid (6). 
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d) Bending wave eigenmodes in a cylindrical shell with free boundaries 
Bending waves exist in plate or shell-like structures and is the wave type that radiates sound most 
efficiently. The bending wave phase speed (cB) is frequency dependent. Equation 4, defines cB for 
specific eigenmodes of a thin walled cylinder (h<<DM) with finite length (LS) and free boundaries.  
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The idea is to excite bending waves in the tube wall in three points, normal to the wall surface, forming 
an equal-sided triangle seen in cross-section. The circumference of the neutral layer is divided by three 
(mx=3) defines a tangential wavelength (λx). An even integer of lz will give a symmetrical mode along 
the tube.  

e) Critical frequency of a bending wave in a cylindrical shell structure 
The design strategy was to set the target resonance frequency of the tube structure (fUS= 20.0 kHz) 

close to the critical frequency (fc). At fc, cB equals the fluid wave speed. The critical bending 
wavelength λB then needs to be equal or greater than 74 mm. The bending wave in a tube travels 
normally in spiral form, and by unfolding the cylinder λB can be decomposed in axial (λz) and 
tangential components (λx), see Equation 5. However, due to the difference in acoustic impedances and 
the bending wave radiation, the boundary was assumed to be defined by the mean diameter of the tube 
(DM). Another aspect of importance is that the bending wave speed (cB) also depends on material 
properties (ρ, E, ν) and the wall thickness (h), see Equation 6, valid if h << λB and f > fO. 
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A bending wave speed (cB) of 1480 m/s at fUS=20.0 kHz requires a wall thickness of 11.5 mm 
(stainless steel). By that, the assumption of a thin structure is not valid, and cB need to be corrected due 
to the inertia of rotating segments and Poisson effects (6).  

To summarize aspects of start values regarding tube structure dimensions. If the circumferential 
bending mode number (mx) is set to 3, h = 11.5 mm and DM = 101.5 mm, λx = 106.3 mm. With respect to 
λB = 74 mm then λz = 103.0 mm. If lz=8 the tube length LS will be 412 mm, and Equation 4 give f3,8 = 
20028 Hz. However, these start values are limited to the eigenmodes of an uncoupled tube structure. 
Simulating the forced pressure response of the complete reactor with respect to fluid loading and 
different loss factors, require a multi-physical FE-modelling approach.   

2.2 Hydrodynamic design principles 
Several principles for hydrodynamic cavitation have been investigated (6 – 8, 15). Shankar (7) has 

shown the potential of CFD-optimization with the purpose of significantly lowering the energy 
consumption in case of fiber refining. The idea comes from the fact that cavitation has been noted to 
contribute to the fibrillation and processing of fibers already in the disc refiners in place today. 

The design should induce hydrodynamic cavitation when the pulp stream flows through a venturi 
nozzle. By this, an increase in flow speed and hence the dynamic pressure is achieved and at the same 
time the static pressure is reduced, as both mass and energy must be conserved in the passage through 
the nozzle. The cavitation bubbles, thus induced, will then collapse, in the greater area of the venturi 
and the static pressure increases. The idea is to focus the bubble collapse on the surface of the fibers to 
achieve fibrillation and intensified processing (15). Therefore, the venturi nozzle needs to be carefully 
designed, so that the cavitation can be controlled and used in order to concentrate the processing 
energy on to the fibers and provide effective refinement of the fibers in the flow (13). To improve 
process efficiency further the hydrodynamic cavitation is combined with acoustic control of the 

(6) 
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bubbles collapse. So instead of having to pressurize or heat the entire stream, the same similar effects 
can be achieved by inducing cavitation in the flow, where the only energy consumption correlates to 
the pressure drop over the cavitation zone. The disadvantage is that it is hard to control and therefore 
has been considered too complicated to be used on an industrial scale, but with the rapid development 
of CFD technology and engineering design in the past decades, the potential of hydrodynamic has 
received ever more interest, in particular from chemical and process industries (9). 

3. Numerical Simulation 
Optimization of the geometrical design requires a combination of numerical modeling and 

experimental verification. The software Comsol Multiphysics®, used during the numerical analysis, 
has inbuilt defined modules to connect and optimize the vibration response of solid materials, dynamic 
behavior of piezoelectric materials, structure vibrations and coupling to the surrounding fluid, both 
outside and inside of the closed volumes of the reactor. It is also possible to modify the numerical 
model with respect to the nonlinear response caused by cavitation (11).  

In short, the system's linear response is tweaked with the assumption of a global loss factor 
continuously determined by means of experiments. To speed up the numerical calculation procedure 
two important simplifications applied corresponds to: 1) Modeling the loss factors and impedance 
characteristics of the inner-tube by a complex valued Young modulus and 2) Handling the harmonic 
response caused by cavitation by analyzing pressure responses mode shape at specific harmonics.  

High cavitation intensity requires a matching between the mechanical components, like 
transducers – tube reactor – and the acoustic wave propagation in the water volume inside the reactor 
tube. Customizing the tube thickness, inner diameter, length, and boundary conditions, created a 
coupled resonance inside the reactor tube. This forms a standing wave, linking structural vibrations to 
the wave propagation in water volume as shown in Figure 4. During the process of numerical 
optimization, eigenmode analysis is first used to balance the contribution from different eigenmodes. 
When matching of modes are satisfactory, the force response is then calculated and analyzed with 
respect to vibration displacement and pressure distribution. Since resonance frequencies of the 
sonotrodes shifts down in frequency when fed with high power, the same is compensated by adjusting 
the sonotrode geometrical properties in the numerical simulation model.  

 
Figure 2: The reactor model with three attached sonotrodes and the inner tube along the center line.  

4. Experimental Setup  
High energy efficiency of a hydrodynamic and acoustic cavitation reactor concept require 

extensive experimental tuning in order to: (i) Obtain impedance matching between components, (ii) 
Equalize sonotrodes resonant frequencies, (iii) Minimize coupling losses and (iv) Determine the 
required electrical power to reach optimum cavitation intensity. The loss factor is determined as the 
sum of all losses in the system. Losses occur due to geometrical deviations, the mismatch between the 
sonotrodes and tube reactor, and friction between the sonotrode masses and the piezoelectric discs. 

Verification of the reactor design has been executed by measuring frequency response and mode 
shapes in the center of the tube. Signal conditioning and analysis was conducted using a PC-based 
software and hardware (CLIO) for frequency response measurements in time and frequency domain at 
192 kHz sampling rate. Pressure responses were measured at 4 - 400VA electric input power. A 
pressure sensor (Dytran model 2200V1) and a miniature shock type accelerometer (PCB 353M15) 
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were connected to the analysis system by a signal conditioning amplifier (B&K NEXUS 2692). The 
pressure transducer has an upper-frequency limitation of 300 kHz. Pressure response was also 
measured using an oscilloscope with a bandwidth of 1 MHz. 

Measuring the impedance during chirp-excitation at various levels enabled tuning and matching of 
the sonotrodes to the specific target frequency, slightly above the eigenfrequency of the tube structure. 
The sonotrode resonance frequency response varies with the electrical input power. Both as free and 
when attached to the tube structure. The optimum input power was to some extent balanced by the 
changes in electrical impedance. Finally the effect of the high intensity cavitation was experimentally 
evaluated by calorimetric method, foil tests and degree of fibrillation on cellulose fibers.  

5. Results and Discussions 
 The most critical step in the acoustic modeling was to model the boundary conditions in a 

physically realistic way. Critical aspects are the attachment of the end caps to the tube reactor, and the 
connection of the sonotrodes to the tube wall. The length of the tube structure in relation to the water 
column inside the tube had a major impact on the pressure response, and therefore variable in the 
prototype. Sonotrode responses (defined by the piezoelectric material, the length, stiffness and mass) 
required extensive tuning to get best possible results. Each sonotrode was tuned separately to the same 
frequency (impedance minimum) and then tested together to ensure an equal input power distribution. 
The numerically optimized reactor design deviated from the start values defined by structural acoustic 
theory. The largest deviations were related to wall thickness and the tube structure length.  

The final design was validated by pressure measurements, foil tests, and calorimetric tests. Single 
frequency power conversion efficiency was 35% in stationary mode. Double frequency excitation in 
flow through mode was, however, superior especially when the flow conditions were optimized. 
Figure 3 shows a comparison between the simulated and measured frequency response in the center of 
the prototype reactor. The smoothed and compressed spectrum in case of swept sine is due to losses 
and a disturbed field. The calculated mode shapes were verified by testing the erosion rate of 
aluminum foil in pure water. Erosion patterns correspond to a superposition of the simulated 
modeshapes of sound pressure variation in the water volume. 

 

Figure 3: Modeled pressure response compared to measured response at high power excitation (200 W).  
A good reactor design provides high gain while it is relatively robust to geometric deviations due to 

manufacturing and assembly. The results of the sensitivity analysis showed that the lengths of the 
water column and impedance properties of the inner tube are the most critical parameters. In reality the 
response became more robust due to higher losses. The most important aspect related to optimal input 
power level and excitation frequencies with respect to the properties of the flow through solvent.  

Figure 4, presents the simulated vibration and pressure modeshapes at three resonance frequencies. 
However, excitation of the sonotrodes with a high power pure sine at the resonance frequency creates 
a broad band harmonic pressure response (14), affected by the reactor volume resonances. Cavitation 
intensity is also temperature dependent. Pressure measurements in the center of the reactor showed 
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that the sound intensity increases by 10 dB when the water temperature increased from 21 to 55°C. Foil 
tests verified that the erosion rate increased in a similar way (12).  

Foil-tests carried out in a fiber suspension (1% conc of wet fibers) showed that the erosion rate 
decreases significantly compared to tests in pure water. One reason is the attenuation of the resonant 
gain, which increases electrical impedance and reduces input electric power, and thus the sound 
pressure and cavitation intensity. The main reason for reducing erosion rate is that the fiber wall 
absorbs the cavitation energy in the form of mechanical processing of the fiber wall and friction losses. 

 

Figure 4. Vibration and pressure modeshapes at target frequencies: 22 kHz; 37 kHz; and 53 kHz. 
The excitation signal and duty cycle has a profound impact on cavitation intensity. The pure sine, 

with onset and off set makes a difference. A duty cycle of around 30/70 gives maximum energy 
efficiency (10). With respect to energy efficiency and robustness, a narrow chirp signal has shown to 
be promising. A chirp signal is of special interest when resonance peaks shift in frequency. The chirp 
signal characteristics produce an onset/offset response since electrical impedance varies.  

In the case of two-phase and non-Newtonian flow, the nozzles designed for hydrodynamic 
cavitation also gave a much better mix of the pulp, and sedimentation was avoided. In case of fiber 
treatment, the duty cycle of acoustic cavitation was 10/90 (circulating system). The duty-cycle was not 
optimized but produced better results than in case of a stationary system with acoustic cavitation only. 
Figure 5(a) shows the effect on the fiber walls mechanical properties in case of two frequency 
excitation and a top-down flow through a venturi type of nozzle (12, 13). With respect to modifying the 
absorption properties of the fiber wall an optimum was identified at an input power level of 186 
kWh/bdt. At 568 kWh/bdt fibers were damaged, which was observed by SEM analysis. 

 
Figure 5 (a) and (b): Effects of hydrodynamic and acoustic cavitation. a) Treatment of cellulose 

fibers - Black curve represents no cavitation, only flow through, and b) Recovery rate of tungsten - 
Best result was achieved at 80°C with bottom up flow, a new nozzle design (M. 3) and acoustic 
excitation by 23 and 40 kHz at 350 VA. 

 When recovering tungsten from scheelite ore concentrates, leached by sodium hydroxide solution 
at 80°C, the duty cycle was 20/80. In the experimental validation, both flow direction and the nozzle 
design had a significant impact on the results. Figure 5b shows the recovery rate of tungsten by 
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hydrodynamic and acoustic cavitation (HAC) compared to traditional chemical leaching. At 60°C, 
acoustic cavitation only, increased recovery rate from 18% to 23%. Best result was obtained using 
bottom up flow, a new nozzle design, and acoustic excitation at 23 kHz and 40 kHz. The HAC 
combination increased the recovery rate, in comparison to traditional chemical leaching, from 26% to 
54 % during 5h exposure. The new nozzle design has probably an even greater potential, since the 
effect of the secondary excitation signal became weak, due to impedance mismatch. A shift in 
resonance frequency at 40 kHz, caused by a more turbulent flow, decreased the power input.  

6. Conclusions 
The developed reactor concept is based on the principles of hydrodynamic and acoustic cavitation. 

The final design is the result of an iterative optimization process using multi-physics simulations and 
experiments. The fundamental design principles were inspired by previous research (1 - 6 and 8 - 11). 
The aim of this investigation has been, to define criteria for a robust, energy efficient and scalable 
design to be applicable in the process industry. High cavitation intensity is generated in the center of 
the reactor where the solvents to be processed flow through. The degassed water volume between the 
tube wall in stainless steel (excited by piezo electric driven sonotrodes) and plastic inner tube, acts as 
effective wave carrier of high intensity ultrasound. Optimized vibration patterns allows pressure 
maximum to appear in the center of the inner tube, which impedance characteristics can vary within a 
rather big range without losing its basic performance. Also, cavitation efficiency is to a great extent 
dependent on the flow characteristics and properties of the flow through medium. 
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Abstract
A rigid-walled cavity which is connected with a neck to the surrounding air provides an acoustic system with
significant resonance frequency, well known as Helmholtz resonator. By stimulating the system with an intense
acoustic wave directional air flow can be observed near the neck mouth, which differs from the expected peri-
odically mass flow caused by oscillation.
For technical applications the resonance frequency of the resonator must be shifted to ultrasonic range to main-
tain the well-being of a human and to avoid noise pollution. Based on studies with resonators at low kHz-range
we perform a successive miniaturization to obtain well-working Helmholtz resonators in an inaudible area.
The measurement of acoustic and air-fluidic characteristics of those tiny devices is a high technical challenge,
because of the small dimensions and wave length of air-borne ultrasound. Therefore we developed a special
small-sized Kundt’s tube to estimate the resonance frequency and Q-factor of our samples. Another problem is
to detect and characterize the estimated air flow near the resonator hole; especially the commonly used hot wire
anemometers are too large for this measurement.
To enhance the effectiveness we tried to combine many identical samples into one device. A good method to
produce resonators must be discovered to ensure similar center frequencies. Additionally the specific shape of
the neck and its opening influences the acoustic and fluidic properties, so the device must be manufactured with
very high precision. Our investigations are assisted with numerical simulations based on linear wave acoustics
as well as on fluid dynamical computations using the Navier-Stokes equation.
Keywords: Helmholtz resonator, Ultrasound in air

1 HELMHOLTZ RESONATORS
A cavity with rigid walls is connected to the surrounding air through a small opening. This very simple con-
struct forms an acoustic resonator, the so called Helmholtz resonator [1]. Its behavior can be described as a
spring-mass-system: the air inside the opening channel functions as mass m, which is periodically interacting
with the air volume inside the cavity, which works as a spring with the flexibility n. The resonance frequency
is given approximately by the relationship fres ∼ (m ·n)−0,5 and is defined by the geometry of the resonator [2].
By increasing the volume of the opening channel and simultaneously decreasing the volume of the cavity there
will occur no change of resonance frequency. Other characteristics are necessary to describe the resonator
behavior, like the quality factor Q [3].

2 AIR FLOW NEAR OPENINGS
An exterior acoustic wave with the same frequency as the resonance frequency affects periodically air flow
through the opening channel. Thereby differences between both half cycles can be observed (see Figure 1):
With increasing of the instantaneous pressure air flows into the resonator cavity. During the following phase
of decrease the same amount of air flows back through the opening, but now a directivity of the mass flow is
observable. This directivity is probably caused by the kinetic energy of air particles. Although the masses of
inflowing and out flowing air are equal, in summary a directed air flow can be measured above the opening[4].
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Figure 1. Differences between inflow and outflow on resonator openings with exterior acoustic wave.

3 SMALL-SIZED RESONATORS
The aim of our investigations is to use the described air flow for technical applications, for instance for cooling
of electronic devices. Therefore the resonators must work at ultrasonic frequencies to maintain the well-being
of a human and to avoid noise pollution. The geometry of the resonators must be optimized for maximum air
flow at a given sound pressure. We expect resonator dimensions im the lower and sub-millimeter range. The
following aspects have to be investigated:

– Will the very simple mass-spring model be valid also for very small-sized resonators?

– Which aspect ratio between diameter and length of the opening will produce the maximum air flow?

– How can the resonator characteristics, like resonance frequency or quality factor, be measured?

– How can the expected air flow be detected?

As an intermediate step we have explored resonators with resonance frequency of about 6500 Hz [4] and ob-
served a directed air flow with a velocity up to 25 m/s near the opening.

4 NUMERICAL SIMULATION
Parallel to the experimental studies we model the behavior of the resonators, and there especially the fluid flow,
with numerical methods [5]. At the beginning we have considered the linear Helmholtz equation for modeling
basic resonator characteristics. To this end we used the FEM and the BEM method and got equal results.
Then we used the non-linear Navier-Stokes equation and obtained the same values in the case of small wave
amplitudes. Also, we made use of Bernoulli equation.
Until now we couldn’t demonstrate a directed mass flow with simulation. In further steps we must expand our
models and take into consideration viscous shaping as well as thermo-acoustically effects.

5 KUNDT’S TUBE FOR ULTRASOUND
The Kundt’s tube can be used to measure the resonance frequency of a Helmholtz resonator (Fig. 2). At
resonance, the absorption coefficient has a maximum. This is due to the loss of energy in the rapidly moving
air
The diameter of the tube must be less than half of wave length λ to ensure wave propagation only lengthwise.
For measurements in ultrasonic range between 20 kHz and 60 kHz a diameter of 4 mm is well suited.
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Figure 2. Kundt’s tube for measuring resonance frequency.

Figure 3. Miniature bottom port silicon microphone.

The distance between both microphones must also be less than λ/2 to ensure reliable phase detection. Therefore
we use very small-sized Si-MEMS microphones SPU0410LR5H-QB [6] (Fig. 3). With a package width of about
3 mm it is possible to place two microphones close enough together. The acoustic port at the bottom of the
microphone has got a diameter of 0.25 mm.
Figure 4 shows the microphone sensitivity for ultrasonic frequencies. Although a good signal for all interesting
frequencies will be detectable a strong dependency from frequency can be observed. The measurements can
be made with sinusoidal signals, so this dependency doesn’t matter. The whole experimental setup must be
calibrated with known probes to correct errors due to unknown geometric dimensions and acoustic paths, for
instance between tube wall and microphone membranes.
The miniaturized Kundt’s tube was built into a solid brass block (Fig. 5). On the right side the opening of the
tube can be seen. Here the probes must be adjusted with the “view” into the tube. Both microphones are placed
inside the notch in a way that the ports are very close to the inner tube wall. Therefore the microphones are
mounted on a thin flexible PCB to achieve a very short acoustic channel between tube and membrane, whilst
the PCB also provides electric connectivity and precise alignment.

6 ULTRASONIC RESONATORS
We chose a sandwich structure to realize practical ultrasonic resonators. The base plate gives the bottom side
of the cavity (see Fig. 6, only one resonator is shown). The thickness of the middle plate with the drilled holes
determines the cavity length lcavity. On the upper side a thin plate closes the cavities. The smaller hole forms
the resonator neck.
The upper plate was made from a solder stop mask, known from standard PCB manufacturing. The holes can be
produced with very high precision. By varying the diameter in small steps, it is possible to built up resonators
with different resonance frequencies using the same sandwich structure. We built a set of many resonators with
resonance frequencies, which are close to each other.
The three plates were fixed among each other only with mechanical pressure by a kind of a preloaded screw
clamp.
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Figure 4. Microphone sensitivity at lower ultrasonic range [6].

Figure 5. Miniaturized Kundt’s tube, only one microphone can be seen.

Figure 6. Resonator cross section (neck diameter dneck = 300 µm, cavity diameter dcavity = 600 µm, neck length
lneck = 75 µm, cavity length lcavity = 1.5 mm (graphic not true to scale).
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Figure 7. Equivalent values to absorption coefficient of one Helmholtz resonator, measured with Kundt’s tube
for ultrasound. (The tube is not yet calibrated for correct amplitudes.)

7 MEASUREMENT
The resonator structure was pressed against the opening of the Kundt’s tube in a way that the neck hole of only
one resonator was adjusted vis-à-vis the opening. Our first measuremants are shown in in Figure 7: The values
give an equivalent to the absorption coefficient as a function of the frequency. The graph becomes a maximum
at the resonance frequency of 42 kHz. Also the quality factor Q can be evaluated namely as the strictness of
falling edges on both sides.

8 CONCLUSION
Although the aim of our researches to regarding the generation of ad air flow with stimulated ultrasonic re-
sonators is yet far away, we can produce small-sized ultrasonic resonators as well as a measurement equipment
to evaluate their acoustic characteristics. In addition we can model the behavior of the resonator in parts with
linear and non-linear equations.
In future the following aspects must be investigated:

– The numerical simulation must be improved, so that a directed air flow arises as it occures in our expe-
riments.

– The numerical results shall give hints how to form the neck of the resonator to generate the best air flow.

– The correct requirements must be transformed into a production technology to produce ultrasonic re-
sonators with high reproducibility.

– A measurement method must be found to evaluate the produced directed air flow.
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Abstract
Ultrasonic transducers are widely used for surround sensing applications in the automotive industry. A major
challenge for today’s mobility solutions consists in the development of autonomous driving functions. Highly
automated vehicle concepts require a comprehensive surround sensing performance, which leads to an increas-
ing number of sensors. The applied ultrasonic sensors are desired to operate in parallel or in shorter intervals.
Hence, transducers with two or more well discriminated operating frequencies are of great interest. Known
multifrequency ultrasonic transducers use multiple electromechanical coupling elements resulting in more com-
plex sensor electronics. To overcome this issue, the authors investigate a method for controlling the operational
deflection shapes. In finite element simulation, a generic plate-like model for the ultrasonic transducer is em-
ployed and different resonator configurations are studied. Spatially distributed stop band material is used to
achieve two well-separated operating frequencies with similar and appropriate sound radiation. Furthermore, it
is investigated whether the shape modification is caused by the resonant behavior or the added resonator mass.
Based on the results, locally distributed resonators are identified as a suitable solution to modify the operational
deflection shapes and the corresponding sound radiation of the generic model. Thus, a multifrequency ultrasonic
sensor with a single coupling element can be realized.

Keywords: ultrasonic sensor, stop band material, acoustic metamaterial, periodic structure

1 INTRODUCTION
Owing to the recently increased demand for autonomous driving functions, high potential surround sensing ap-

plications are required. For decades, ultrasonic sensors provide a reliable environment analysis as part of the

driver assistance systems. In order to measure the distance between the sensor and the surrounded objects, the

pulse-echo method is used. The sensor, working in its resonant operation point, evaluates the object location by

measuring the time difference between emitted sound signal and detected echo [1]. To achieve a detailed reso-

lution of the car’s environment, more and more ultrasonic sensors are applied. The time efficient operation of

various sensors leads to the desire for multiple operating points. A design with two or more well discriminated

operating frequencies and appropriate deflection shapes benefit parallel sensor operation and therefore, shorter

operation intervals.

In literature, a few approaches for multifrequency ultrasonic sensors can be found. In [2], a stepped-frequency

transducer consisting of loosely coupled magnetostrictive elements is presented. Simultaneous excitation of all

elements of a stack leads to a broadband transducer. Although this concept could be used as a multifrequency

transducer, it suffers from a lack of efficiency compared to single-frequency equivalents. A split-mode ultrasonic

transducer is investigated by [3]. In order to obtain a transducer with multiple acousto-electric resonances, a

structure of periodically poled domains in a ferroelectric wafer with free surfaces is used. [4] introduces a

piezoelectric micromachined ultrasonic transducer (PMUT). By using multiple electrodes, the device provides

high sensitivity at the first, third, and fifth fundamental frequency of the transducer. Further investigations

focus on a capacitive micromachined ultrasonic transducer (CMUT) [5]. The authors employ a CMUT array

for multiband operation with acoustic elements of different dimensions. For medical applications, especially for

interstitial thermal therapy, a transducer with a single electromechanical coupling element but multiple operating

962



points has been designed. [6] introduces this new approach with matching front layers being able to transmit

ultrasound at multiple frequencies in the range of several MHz. Another recently developed sensor array for

medical purposes works with a zirconate titanate (PCT) transducer in dualfrequency mode (4.1 MHz and 13.3

MHz) [7]. [8] and [9] suggest hybrid solutions for multifrequency sensor usage. By combining different electro-

mechanical coupling mechanisms, e.g. a CMUT and PMUT in one element, multiple resonance frequencies with

suitable sound radiation properties can be obtained.

However, the aforementioned approaches show some disadvantages regarding the implementation in driver as-

sistance systems. One lack consists in the usage of multiple electromechanical coupling elements. This leads to

more complex electronics and therefore, more expensive sensors. Furthermore, the sound radiation characterized

by the directivity pattern should be appropriate, meaning that radiation similar to monopole or dipole behav-

ior without distinctive side lobes is required. The last problem goes with the frequency dependent damping

characteristics of air. Operational frequencies in the high ultrasonic range lead to low echo amplitudes due to

significant airborne sound damping, while in the lower range various sound sources from the car’s environment

interact. Thus, the operating frequency has to be in a certain range. For ultrasonic-based parking assistance

systems, a operation point between 40 and 50 kHz turned out to be the best compromise [10].

To overcome this disadvantages, the authors investigate a novel approach employing locally distributed res-

onators in order to obtain a multifrequency transducer with a single electromechanical coupling element and

suitable sound radiation at two distinctive resonance frequencies. By adding structures of resonators to a ge-

ometry, it is possible to prevent free wave propagation in certain frequency ranges. Thus, so called stop band

materials can be formed [11, 12]. Recent publications in this research area demonstrate that depending on the

frequency range, stop band material can decrease both, the acoustical [13] and the vibrational [14] response

of dynamic structures. [13] presents a promising outlook for periodic resonant structures causing desired band

gaps for low frequencies. Moreover, the periodic resonators represent an easy tuning possibility for the band

gap behavior. Another research work by [15] investigates the influence of the resonator spacing. It is shown

that random arrangement can also lead to appropriate band gaps but the distance in between the resonators is

required to be at a sub scale of the corresponding wave-length. Due to their ability to generate frequency ranges

without free wave propagation, stop band materials are predestined to increase sound transmission loss of struc-

tures [14]. For this purpose, [16] considers rubber coated lead spheres, which are embedded in epoxy, in order

to create a stop band material. In [17], the authors use stop band material to reduce mechanical cross-coupling

in phased-array transducers.

In this study, stop band material is applied to modify the operational deflection shape (ODS) of a generic trans-

ducer model. As stop band material is only effective within a certain frequency range while outside this range

there is only marginal influence on the dynamic behavior, certain operating frequencies can be tuned mainly in-

dependently of each other. These characteristics open up the possibility for a multifrequency transducer design.

The recently published work of [18] provides a more detailed insight into the topic of this paper. While in

the present paper, numerical studies are carried out to investigate the influence of the particular dynamic behav-

ior of the resonators, [18] extends the frequency range to ultrasound and further includes experimental results.

Moreover, different boundary conditions are considered and the sound radiation behavior of the transducer test

cases is investigated.

2 MODEL DESCRIPTION
In this section, the investigated models are presented. First, a simplified model representing the ultrasonic

transducer is discussed. Thereafter, the according finite element models of all test cases are presented.

2.1 Test cases
To analyze the potential of stop band material for multifrequency approaches, a generic model is employed. The

ultrasonic transducer is reduced to a rectangular plate with fixed boundary conditions on all sides. Assuming

the transducer to be in sound emission mode, the electromechanical coupling element can be substituted by
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a centric dynamic load. The top of the plate, made of epoxy, represents the sound radiating surface. The

described model forms the reference case for further modifications. One design variation consists in adding

spatially distributed resonators to the plate. The resonators are attached to the downside of the model and are

distributed as shown in Figure 1. A middle section without any resonators (I) and two border sections with

each containing 72 resonators (II) are formed.

Figure 1. Generic model of the ultrasonic transducer. Plane epoxy plate as reference case (ref) and modification

with spatially distributed resonators (CON). Excitation is realized through a dynamic load.

Furthermore, two configurations of the resonators are investigated. As shown in Figure 2, each resonator consists

of a beam like shaft and a tip mass. While the first configuration (CON1) is entirely made of epoxy material,

similar to the plate, configuration 2 (CON2) has an additional middle section where another type of material is

assigned. In here, an artificial epoxy equivalent with the same density and Poisson’s ratio but only a tenth of the

Young’s modulus is used. However, introducing this more flexible material offers the possibility to separate the

effects caused by the dynamic behavior of the stop band material from additional mass effects. With regard to

automotive applications, smaller and more complex transducer geometries are relevant. The authors presented a

study with such geometries in [19]. But once proved on the generic model, the principle of spatially distributed

stop band material can be transferred without difficulty.

Figure 2. Two different test cases of the resonator design. CON1: Resonator entirely made of epoxy. CON2:

Resonator made of epoxy and a more flexible epoxy equivalent in the middle shaft section.
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2.2 Finite element model
The dynamic behavior of the above shown test cases is investigated in a finite element (FE) simulation. The

simulations are carried out with the commercial software Simulia Abaqus 2017. The employed FE model is set

up of 20 quadratic node-brick elements (element type C3D20) [20]. In order to avoid mesh dependencies, a

mesh convergence study following the guidelines of [21] is carried out. All applied materials are considered to

be linear elastic, therefore, fulfilling Hooke’s law. The contact between the resonators and the plate is modeled

as a tie constraint with a surface-to-surface formulation. In a harmonic analysis, the forced response function

and the ODS is analyzed in the frequency range from 3 kHz to 25 kHz with a step size of 55 Hz.

3 RESULTS
The sound radiation behavior of transducers during operation is indicated by the deflection shape in the corre-

sponding operation point (OP). The desired radiation properties for industrial applications, characterized by an

homogeneous directivity pattern, is achieved for the first normal mode. Therefore, the new design should show

two ODS, which are similar to latter. The first way of realizing this approach is through setting the operating

frequency of the system to the first eigenfrequency of the plate-like structure. As shown in Figure 3 (a), the

reference test case has three resonance peaks in the analyzed frequency range. The calculated mode shapes are

similar to the reference cases from literature, following the rules of Kirchhoff’s plate theory [22, 23]. Hence,

the first peak at 7.8 kHz provides the desired ODS. Figure 3 (b) shows the frequency response function (FRF)

for the modified test cases. In comparison to the reference model, the additional resonator mass causes a fre-

quency drop of 1.4 kHz. On the other hand, the stiffening effect caused by the attached resonators is negligible.

However, the stiffening effect on the plate-like structure due to attachement of the resonators is present for both

configurations CON1 and CON2 in the same way. Therefore, the first resonance peak occurs at 6.4 kHz for

both configurations.

5 10 15 20 25
frequency [kHz]

10-3

10-2

10-1

1

no
rm

al
iz

ed
 d

isp
la

ce
m

en
t [

-]

ref

5 10 15 20 25

10-3

10-2

10-1

1
CON1
CON2

(a) (b)

no
rm

al
iz

ed
 d

isp
la

ce
m

en
t [

-]

frequency [kHz]

Figure 3. FRF of the sound radiating surface evaluated at the center point. (a) FRF of the reference model.

(b) FRF of the configurations with locally distributed resonators. Resonance frequencies with ODS suitable for

sound radiation marked with ∗ for 1st operating point and with � / � for 2nd operating point

Another manner of designing suitable directivity patterns consists in identifying an ODS where one part of the

structure behaves similar to the first normal mode while the rest remains in equilibrium position. The FRF

plots in Figure 3 (b) depict more resonance peaks in the higher frequency range. At 18.3 kHz and 13.3 kHz in

configurations CON1 and CON2, respectively, the middle section II shows free wave propagation with all nodes
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moving with the same phase. In contrary to that in the outer sections I with added stop band material, the

wave propagation is attenuated. As a consequence, the nodes remain almost without displacement. Due to the

implementation of a less stiff epoxy equivalent in CON2, the resonance frequency is reduced. As the mass and

geometry remain the same for both configurations, the particular ODS is mostly correlated with the dynamic

behavior of the spatially distributed stop band material.

In Figure 4, the ODS corresponding to the above discussed operating points are presented. The plots show

the normalized profiles along the x-axis of the plate. To evaluate the amplitude and phase both, the real and

imaginary part of the displacement is presented. The first graph (a) depicts the ODS of the plain plate for the

first resonant operating point. Compared to the reference case, the geometries equipped with stop band material,

cf. Figure 4 (b), show a more stretched but for both test cases equal profile at OP1. This can be ascribed to

the marginal influence of the resonator dynamics. Moreover, the additional mass plays the more important role

for the investigated ODS stretching.
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Figure 4. Normalized displacement along the x-axis through the center of the plate for the reference test case

at OP1 (a) and the configurations at OP1 (b) and OP2 (c). The solid lines indicate the imaginary amplitude,

the dotted lines the real values.

Considering the second operating point, a bigger difference between the two test cases is analyzed. Figure 4 (c)

shows the normalized profiles of CON1 and CON2 at 18.3 kHz and 13.3 kHz, respectively. Both ODS have

all nodes on one side of the equilibrium position and further only slight changes of the phase. By that, an

appropriate sound radiation can be achieved. The resonance frequency and the ODS of this second appropriate

operation point is strongly influenced by the particular dynamic behavior and the dimension of the resonator.
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4 CONCLUSIONS
The authors present a study on multifrequency ultrasonic transducers with spatially distributed stop band mate-

rial. Finite element simulation is employed for a generic transducer model. A reference model, consisting of a

plain plate-like structure, and two further test cases with different, locally distributed resonators are investigated.

Two operating frequencies with suitable ODS are identified within a harmonic analysis. While the first operat-

ing frequency is related to the first normal mode of the plain system, the second one strictly depends on the

stop band material. By introducing a more flexible epoxy equivalent in the middle section of the resonator, it

could be ruled out that the effect is mainly caused by the mass or the inertia of the resonator. Furthermore, the

distinctive operating frequencies can be tuned mainly independently from each other. Based on the results, spa-

tially distributed stop band material is identified as a possibility to design multifrequency ultrasonic transducers

with only one electromechanical coupling element and appropriate and designable sound radiation.
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Abstract
An essential task in many industries, e.g. food, petrol or chemical industry, is the precise and accurate charac-
terization of liquids. Therefore, the development of innovative in-line sensors is of great interest. New concepts
based on periodic structures, so-called phononic crystals (PnCs), are an interesting idea for the design of new
innovative sensors. A PnC-based sensor can be designed by introducing a resonance inside a bandgap, a fre-
quency region where no wave propagation is allowed. High-Q measurement systems using PnCs are already
reported in the literature. However, existing designs cannot be implemented into a piping system directly, but
need special fittings, openings or by-passes to be in contact with the liquid. To circumvent this issue, we de-
velop a new sensor based on PnCs, which can be directly implemented as part of the piping system. For this
purpose, we use a PnC consisting of hollow cylinders with a periodic change of the outer diameter. A bandgap
could be found for the described geometry without liquid in simulation and measurement. However, simulations
show, that bandgaps for liquid-filled cylinders are very narrow, so that they cannot be used for the sensor design
without additional effort. We therefore, propose a mode-selective excitation for the sensor design.
Keywords: Ultrasound, Phononic Crystals, Liquid Sensor

1 INTRODUCTION
The accurate and precise measurement of concentration of liquids is an essential task in many industries such
as the petrol, the food, or the chemical industry. Measurement systems, which can easily be implemented into
piping systems, are hereby of special interest. Besides other physical phenomena, ultrasonic waves can be used
to determine liquid concentrations. New sensor concepts based on acoustic metamaterials, so-called phononic
crystals (PnC’s), are used to design ultrasonic measurement systems with high precision.
PnC’s are periodic structures, which consists of at least two materials: a host matrix and periodically arranged
scatterers inside the matrix. When an acoustic wave propagates through the crystal, it is scattered and due to
the periodic arrangement of the scatterers destructive interference occurs. This leads to the formation of acous-
tic bandgaps, frequency regions in which no propagation of acoustic waves is allowed [1]. PnC’s can be used
for many different applications such as acoustic filtering [2], acoustic cloaking [3], waveguides [4] or sensor
applications [5].
It is possible to design a PnC-based sensor to measure acoustic properties of a liquid. In the sensor design re-
ported in the literature [6, 7, 8, 9], a defect in the crystal is used to create a resonance frequency in a bandgap.
A resonance with a very small bandwidth is designed, which is sensitive to changes of the acoustic properties
of the liquid. Inside the bandgap no wave propagates, but due to the defect the resonance frequency is enhanced
and can propagate through the crystal. Due to the small bandwidth and the non-existence of other modes even
small changes of the resonance frequency can be measured. Therefore, measurements with high quality can be
obtained. By comparison to reference measurements, the acoustic properties and hence, the concentration of the
liquid can be determined. In [8] it was shown that the ethanol concentration in gasoline can be determined
using such a PnC-based sensor.
The described concept enables the investigation of very small liquid volumes without expensive hardware com-
pared to time-of-flight approaches. Hence, the PnC-based sensors could be an interesting concept for microsen-
sors [6]. Compared to other microsensors, such as Quartz Crystal Microbalance and Surface Acoustic Waves
sensors, PnC-based sensors have the advantage, that the volumetric properties of the investigated liquid are mea-
sured, whereas the other principles often only measure surface properties [6]. PnC-based sensors are further of
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interest for highly flammable or explosive liquids, as the electronic components can be easily separated from
the liquid [8].

2 Tubular Bell
Existing PnC-based sensors show the great potential of this relatively new design [7, 8]. However, the existing
sensors have a drawback: they are not very well suited to be used as an in-line sensor in a piping system. They
cannot be implemented inside a piping system without additional fittings, windows or bypasses. To circumvent
this issue Lucklum et al. [10] proposed a new PnC named “Tubular Bell“. The proposed PnC consists of an

Figure 1. “Tubular Bell“ as proposed by Lucklum et al. [10].

array of hollow cylinders with a periodic change of the outer diameter (see Fig. 1). The proposed idea is to
design a sensor with the “Tubular Bell“ based on the principle described in the previous section (Sec. 1). The
PnC and hence the sensor can be designed as part of a piping system. The liquid flows through the constant
inner diameter of the “Tubular Bell“. Therefore, additional fittings etc. can be omitted and no additional pres-
sure loss occurs in the hydraulic system.
As the proposed sensor is based on PnC it is possible that the aforementioned advantages of the design (see
Sec. 1) could be achieved as well.
To the best knowledge of the authors the proposed “Tubular Bell“ crystal is not yet described and investigated
in the literature. Hence, before designing a sensor a detailed investigation of the acoustic behavior inside the
“Tubular Bell“ is necessary.

2.1 Scaled boundary finite element method
Many simulations are needed to realize the “Tubular Bell“ sensor. Thus, a simulation method with high effi-
ciency is essential. Therefore, the Scaled Boundary Finite Element Method (SBFEM) is used in this work. The
SBFEM is a semi-analytical method, in which only the boundary of the computational domain is discretized
with finite elements. The physical behavior inside the domain is described with an analytical ansatz. Therefore,
the degrees of freedom of the numerical system are reduced and hence, shorter computational times can be re-
alized compared to the classical Finite Element Method (FEM) [11]. This is especially of interest for simulation
of ultrasonic waves. Due to the short wave length compared to the dimensions of the structure, large numerical
systems have to be solved here.
For prismatic structures, such as cylinders, a special formulation of the SBFEM exists [12, 13]. This formula-
tion is used for the SBFEM computations in this work. Hereby it is only necessary to discretize the base area
of the cylinders, as displayed in Fig. 2. The wave propagation along the cylinder axis is described analytically.

Figure 2. Discretized primitive cell of a “Tubular Bell“ PnC in the SBFEM.
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2.2 Simulation
In contrast to the proposed “Tubular Bell“ hollow cylinder system, a periodic arrangement of full cylinders is
investigated to begin with. This design was chosen due to the simpler manufacturing process.
Often PnC’s are only studied theoretically and not experimentally, hence not much information is available
concerning the influence of the manufacturing process. Thus, this first study has also the goal to determine if
manufacturing techniques, like lathing, achieve satisfactory results as geometrical variation influence the wave
behavior.

2.3 Dispersion behavior
Bandgaps of PnC’s are determined by investigating the dispersion behavior in the crystals. In this work, all
dispersion curves are computed via the commercial FEM-tool COMSOL Multiphysics®. For the computation of
the dispersion curves, it is only necessary to simulate the primitive cell of the crystal, as the geometry outside
repeats periodically.

As it convenient to reduce the computational time for simulations it is of interest to investigate how reduced,

(a) (b) (c)

Figure 3. Dispersion curves of a crystal made from full cylinders; a) primitive cell b) dispersion curves for the
3D model c) dispersion curves for the axisymmetric model.

axisymmetric models compare to three-dimensional models. For this purpose we compute the dispersion behav-
ior of both models. The investigated primitive cell is shown in Fig. 3a. The geometry parameters are given
by: r = 5mm, h = 3mm, l = 5mm and a = 10mm. As material structural steel is used (E = 200GPa, ν = 0.3,
ρ = 7850kgm−3).
The results for the three-dimensional model are shown in Fig. 3b. A bandgap exists between 127kHz and
164kHz. A second bandgap does not appear in the investigated frequency domain.
The dispersion curves for the axisymmetric model are displayed in Fig. 3c. As expected the bandgap of the
three-dimensional model isfound in the same frequency region. Since most mode shapes (all bending modes and
torsional modes) are neglected in the axisymmetric model, a second large bandgap (245kHz−307kHz) occurs.

2.4 Transmission behavior
2.4.1 Simulation
The dispersion curves are computed for a perfect crystal; a crystal, with infinite length consisting of a periodic
arrangement of primitive cells. Hence, it is possible that bandgaps only exist for crystals with large expansions
or even just for the infinite structure. Therefore, it is necessary to investigate the transmission behavior of
the crystal geometry with realistic, limited dimensions. For our investigation, we chose a crystal with eight
repetitions of the primitive cell. The structure is excited with an equally distributed force on the base area of
the first cylinder as shown in Fig. 4a. It is, therefore, an axisymmetric load. The amplitude of the force is
constant over the investigated frequency range. As above, two simulation models are investigated: one three-
dimensional model using COMSOL and an axisymmetric model using the SBFEM.
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(a) (b)

Figure 4. a) Simulation model of the PnC with an axisymmetric load b) Simulated transmission behavior of the
investigated PnC.

The velocities in direction of the cylinder axis on the other end of the structure are investigated. In Fig. 4b
the results are presented. The velocity for each frequency is related to the maximum of the occuring velocities.
As expected, the results of both models are in very good agreement. In the axisymmetric, higher frequency
bandgap, the models show the biggest difference. Compared to the axisymmetric model, the signal in the three-
dimensional model has a larger, noisy amplitude. This might be related to the mesh, which is not perfectly
axisymmetric. Other modes, which can propagate here, could be excited.
The results show that an axisymmetric model can be used as a substituted in case of an axisymmetric load.

2.4.2 Measurement
The manufactured geometry is shown in Fig. 5a. On the end of the structure, a piezoelectric transducer is
applied. It is a self-made transducer with a center frequency of 160kHz and a bandwidth of 54kHz. The
transducer is excited using a sinus sweep from 50kHz to 350kHz. The signal is measured via a 3D laser vi-
brometer (Polytec PSV-500-3D-HV). The signal was measured on the base area of the cylinder and averaged

(a) (b)

Figure 5. a) Manufactured PnC with applied transducer b) Transmission behavior of the investigated PnC.

over all measurement points. The measurement results are displayed in Fig. 5b. As before the displayed signal
is related to the maximum of the measured velocities.
The first bandgap occurs in the expected frequency range (127kHz - 167kHz). At 135kHz one single mode is
found inside the bandgap but as the signal is strongly reduced compared to the signal outside the bandgap it is
not further investigated.
The purely axisymmetric bandgap cannot be determined with certainty, as not all modes are totally forbidden.
A bandgap between 272kHz and 311kHz occurs. It is much smaller than in the simulation. As it is a purely
axisymmetric bandgap, non-axisymmetric modes can propagate here. Therefore, the non-axisymmetric motion
pattern of the piezoelectric transducer excites propagating modes.
The first bandgap of simulation and measurement are in very good agreement. The second bandgap cannot be
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determined with certainty, which can be explained through the motion pattern of the transducer. Therefore, it
can be concluded that tolerances of the manufacturing process were sufficiently small.
Simulation, as well as measurements, suggest the sensor design should favor a bandgap, where the propagation
of all modes is forbidden.

2.5 Resonance behavior
The sensor design is based on the resonance behavior of a defect. Therefore, it is of interest how a defect with
resonance behavior can be introduced into the “Tubular Bell“. The studies are carried out without the liquid.
Two variations of the “Tubular Bell“ are investigated: a crystal made out of full cylinders and a crystal made out
of hollow cylinders. The crystal made out of full cylinders differs slightly from the already investigated version
above (here a= 9mm) as to reduce the effect of the bandgap and gain a stronger signal inside the bandgap. The
geometry parameters of the hollow cylinder crystal are given by (see Fig. 7a): r = 5mm, ri = 3mm, h = 3mm,
l = 3mm and a = 9mm.
To introduce a resonance behavior the cylinder in the middle of the structure is varied in length and diameter. A
resonance behavior is expected for a length of λ

2 . But due to the complex wave behavior inside the crystal, the
wavelength can only be estimated. In dispersive media, such as waveguides, the wavelength can be determined
by investigating the dispersion behavior. However, inside the bandgap no wave propagation is possible and
therefore no wavelength can be calculated for propagating waves.

2.5.1 Simulation
Axisymmetric SBFEM models are used for the simulation. The structures are excited as before with a constant
force on one end. The signal is evaluated at the opposite end.
The length and the radius of the defect cylinder are varied until a resonance frequency is achieved inside the
first bandgap. To realize a sharp resonance near the middle of the bandgap an optimization algorithm is applied.
The restriction to the simulated frequencies is circumvented by fitting the results to a Lorentzian curve. The
parameters of the fit (peak width, peak position, and peak height) are used for the objective function, which is
minimized using a Nelder-Mead algorithm.
The resulted geometries and the related transfer functions are presented in Fig. 6. The different lengths and
radii of the defect (see Fig. 6a and 6c) result from the optimization process.
The obtained resonance frequency of the defect for the full cylinder crystal is 148kHz. The transmission of
the resonance frequency is still reduced compared to the signal outside of the bandgap. It has to be tested
experimentally if the amplitude is large enough to be measured.
The resonance frequency of the hollow cylinder crystal is 114kHz. The signal at resonance frequency has as
the signal outside of the bandgap. Hence, it should be reproducible in an experimental set-up.

(a) (b) (c) (d)

Figure 6. Optimized Geometries; a) full cylinder PnC b) transmission behavior of full cylinder PnC c) hollow
cylinder PnC d) transmission behavior of hollow cylinder PnC.
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A experimental validation of the experiments has yet to be made.

2.6 Sensor design
2.7 Dispersion behavior
All conducted studies so far neglect a liquid in the crystal. The basic design idea of a PnC sensor is to
use a bandgap for the sensor development. Therefore, the dispersion behavior of a water-filled “Tubular Bell“
geometry (see Fig. 7a) is investigated. The same geometry parameters as in Sec. 2.5 are used.
The results are displayed in Fig. 7b for a 3D model. It can be seen that there exist only two very small
bandgaps (97 kHz - 105 kHz and 130 kHz - 139 kHz) in the investigated frequency region. This can be explained
through the occuring modes in both media. Inside the liquid exist only modes which are quasi-longitudinal.
Therefore, there is no coupling (or only very weak coupling) between fluid modes and torsional or flexural
modes of the solid. Hence, no large bandgaps occur.
In Fig. 7c the dispersion curves of an axisymmetric model are shown. Here, the same two bandgaps as in the

(a) (b) (c)

Figure 7. Dispersion for a water-filled “Tubular Bell“; a) primitive cell b) dispersion curves for a 3D model c)
dispersion curver for a axisymmetric model.

3D model exist. However, both bandgaps are very small and are therefore not well suited to be used for the
sensor development. It is a very challenging task to design a defect resonance in a very small bandgap. Thus,
a mode-selective excitation could be used for the sensor design. In the region between both bandgaps only two
modes exist. If those modes are not excited, no wave propagation occurs in this frequency region.

2.8 Transmission behavior with defect resonance
As there exist no large bandgap for a liquid-filled “Tubular Bell“, a mode-selective excitation can be used.
For this purpose the region between the two bandgaps (97kHz - 139kHz ) is selected. An excitation is chosen,
which does not excite the two modes existing in this frequency region. This can be realized by an axisymmetric
excitation on the outer diameter in direction of the cylinder axis.
The sensor is supposed to be part of a piping system. Therefore perfectly matched layers are used (marked in
blue) at both ends to simulate the radiation into the pipe.
The transmission results for a crystal without defect are shown in Fig. 8a. A region without wave transmission
exists between 87kHz and 116kHz. It matches not perfectly with the expected region but is sufficiently wide
to be used for the sensor design.
By introducing a defect similar to the investigated models in Sec. 2.5 a resonance frequency can be found
inside the region without wave transmission. The signal has to be measured near the defect as otherwise the
amplitude is too small.

The investigated geometry (see Fig. 8b) has the potential to be used as a sensor. However, it has yet to be
investigated, if this defect resonance is sufficiently sensitive to changes of the liquid properties. Furthermore,
the peak of the resonance is still wide and needs be optimized towards a smaller bandwidth for the use in a
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(a) (b) (c)

Figure 8. a) Transmission through the water-filled “Tubular Bell“ b) Simulation model with defect. The areas
marked blue are the perfectly matched layers. c) Transmission through the water-filled “Tubular Bell“ with
defect

sensor application.

3 Conclusion
PnC-based sensors are a promissing new design idea for the measurement of liquid concentrations. A newly
proposed design is the “Tubular Bell“; a PnC proposed for the purpose of an in-line sensor. The “Tubular Bell“
geometry was investigated in simulation and experiment, which both agree well. A resonance behavior with
small bandwidth inside the bandgap could be realized for various geometries without liquid in simulations. The
results have still to be confirmed in experiments.
In the liquid-filled crystal only small bandgaps occur. Therefore, a mode-selective excitation is needed. In
simulations it could be shown that it is possible to have large frequency regions without wave propagation with
an axisymmetric excitation on the outer diameter of the geometry. A defect can be used to achieve a resonance
behavior. Further research is still necessary to show that the defect resonance can be used for sensor purposes.
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ABSTRACT 

Vacuum pressure monitoring is mainly used for atmospheric pressure measurement and pressure 

measurement inside organisms, and is widely used in aviation, meteorology and medical diagnosis. This 

paper innovatively reports a vacuum pressure monitoring method using capacitive micromachined 

ultrasonic transducer (CMUT) array which is a small MEMS device manufactured by wafer bonding 

process. Both of the manufacturing process and detection circuits are simplified compared with those of the 

traditional MEMS devices used for vacuum pressure monitoring. By detecting the change of resonant 

frequency rather than capacitance of the CMUT array with varying vacuum pressure, the anti-interference 

ability of vacuum pressure(less than 1atm) monitoring is improved. Simulation and experimental results are 

consistent and show that the resonant frequency of the designed CMUT varies linearly with the applied 

pressure ranging from 20-101kPa. The sensor achieves high detection sensitivity of 438Hz/kPa and 

R-Square of 0.99335 at DC bias of 30V. 

 

Keywords: CMUT, Resonant vacuum pressure sensor, DC bias 

1. INTRODUCTION 

Vacuum pressure sensors have been extensively utilized in modern aerospace field. Owing to the unique 

advantages of micro-electromechanical processing technology, MEMS pressure sensors are popular 

nowadays and mainly classified into silicon piezoresistive, silicon capacitive and silicon resonant pressure 

sensors (1). For all these sensors, technical indicators such as sensitivity, linearity, and detection range 

should be carefully considered. 

Silicon piezoresistive pressure sensors ususally consist of pressure-sensitive resistor made on the 

pressure sensitive diaphragm. The pressure value is obtained by detecting change of the resistance. The 

merits like feasible preparation, convenient detection and low cost make it well developed. But for the 

problems such as zero and temperature drift, they are only generally suitable for the occasions with low 

requirements on accuracy and long-term stability (2). In general, there exists a trade-off between sensitivity 

and linearity (3). Silicon capacitive pressure sensors detect the capacitance change between the upper and 

lower electrodes of the sensor for the purpose of pressure detection. However, the sensitivity of capacitive 

pressure sensors is limited by compressive strain and high Young’s modulus of the solid dielectric 

elastomer layers (4). Although some methods has been used to increase the sensitivity, the sensitivity 

decreases rapidly as the applied pressure increases and the fabrication process is complicated (5). 

Silicon resonant pressure sensor, which measures external pressure by detecting the change of resonant 

frequency, is a typical representative of high precision pressure sensors. Organically combining mechanical 

resonance sensing technology and micro-electromechanical processing technology, silicon resonant 

pressure sensor not only has the advantages of high precision, good stability and quasi-digital output of 

traditional mechanical resonance sensor, but also has the characteristics of small volume, low power 

consumption, compatibility with integrated circuit technology, and easy to mass production (6-12). 

The most common silicon resonant pressure sensor has composite structure of pressure sensitive 

diaphragm and resonator, in which the resonator is fixed on the surface of pressure sensitive diaphragm. 

The resonator is vacuum packaged and not easily affected by the external environment. However, the 

common complicated stress-relieving vacuum packaging, process and electrical feedthroughs to the outside 

make its design and fabrication a challenging problem, hindering its widespread application (13).  

                                                        
1 zhangxl@tju.edu.cn 
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Z Li. et al (14) also used CMUT for ultra-low pressure measurement. They show that the resonant 

frequency of the CMUT varies linearly with the applied pressure, and the membranes of the biased CMUTs 

can produce a larger resonant frequency shift than the diaphragms with no DC bias. But they did not 

conduct experiments to demonstrate it. 

In this paper, a CMUT array is firstly proposed for detection of high vacuum pressure and the tendency 

of frequency response is quite opposite from that in ultra-low pressure scope. Firstly, the influence of DC 

voltage and external pressure on the resonant frequency of CMUT was analyzed theoretically. Then finite 

element model was established to conduct modal analysis of the CMUT cell to determine the structure 

parameters. The vacuum bonding process was used to fabricate the CMUT device. Finally, an experimental 

system was built to carry out the pressure detection experiments of the CMUT device. High detection 

sensitivity of 438Hz/kPa and R-Square of 0.99335 are obtained in the pressure range of 20-101kPa. The 

pressure detection range can be easily changed by changing the structural parameters of CMUT. Therefore, 

CMUT devices have broad application prospects in the field of pressure detection. 

2. Design 

2.1 Design of CMUT Array 

In this paper, a CMUT array composed of three elements was built for pressure detection, as shown in 

Figure 1. The array is designed on the basis of linear relationship between the resonant frequency and the 

external pressure. All the cells in each element are connected in parallel. The outer two elements were 

designed to validate the consistency of the process. 

 

Figure 1 – CMUT array designed for pressure detection 

Each cell in Fig.1 is composed of a metalized silicon membrane and fixed bottom electrode as well as the 

vacuum cavity between them, which is similar to a capacitor, as shown in Fig.2. When a DC bias voltage is 

applied to the top and bottom electrodes, the clamped flexible membrane is deformed towards the fixed 

bottom electrode to reach equilibrium. When an alternating current voltage is added, a periodic vibration of 

the membrane is obtained. The circular membrane is used in this paper for it greatly reduces stress 

concentration. 

 

Figure 2 – Geometry of the CMUT cell 
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2.2 Theory Analysis of Structure Design 

The variation of external pressure can lead to a resonant frequency shift of the vibrating 
membrane when the electrostatically actuated membranes are used as pressure sensors. As the 
pressure increases and the deflection-to-thickness ratio is higher than 0.2, the derived expressions in 
(15) are not valid. Therefore, the effect of electrostatic force and pressure on the resonant frequency 
of CMUT membrane needs to be reconsidered.  

The “soft spring effect” that the resonant frequency of the vibrating membrane decreases with the 
increase of DC bias which is lower than collapse voltage has been widely studied and confirmed (16). 

However, the resonant frequency of the CMUT membrane increases gradually as the external 
pressure gets higher, showing stress hardening effect or “hard spring effect”. 

It is interesting that hard spring effect and soft spring effect have opposite effect on the resonance 
frequency. The combined influence of these two factors is furtherly researched using the FEM model 
in the next section. In high pressure range, the former effect plays a leading role by reasonably design 
the structural parameters. 

2.3 Simulation of CMUT Parameters 

To understand the behavior of CMUT, a finite element model (FEM) was created in COMSOL 

Multiphysics (COMSOL, Inc., Burlington, MA, USA) to represent a circular CMUT cell. The model couples 

an electromechanics subdomain to the vacuum cavity and solid materials. The membrane layer (Si) is fixed at 

the edges to prevent translation motion but allow for deflection, and the insulation layer is SiO2 (17). 

Due to the limitation of the material, the thickness of CMUT membrane is set as 10µm. The insulation 

layer, which isolates the conductive silicon substrate from the top electrode, is set to be 2um to avoid 

shorting. In this paper, we proposed two structures for simulation. The dimensions of the two structures as 

well as the mechanical and electrical properties (density: 𝜌, Young’s modulus: E, and Poisson’s ratio: ν, 

relative permittivity, 𝜀𝛾) of the materials used in the FEM are listed in Table 1. The simulation results of 

structure 1 and 2 for pressure detection ranging from 20kPa to 101kPa are shown in Fig. 3 and 4, 

respectively. 

Table 1 – Dimensions and properties of materials used in COMSOL model 

 
Structure 1 

radius/thickness, μm 

Structure 2 

radius/thickness, μm 
𝜌, kg/m

3
 E, GPa 

 

ν 

   

        𝜀𝛾 

Top electrode 250/0.2 350/0.2 19300 70 0.44 -- 

Membrane 400/10 480/10 2329 130 0.18 11.7 

gap 400/5 480/10 -- -- -- 1 

Insulation 400/2 480/2 2200 70 0.17 4.2 
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Figure 3 – The simulation results of structure 1 (R400µm, gap 5µm) for detection of 20-101kPa 
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It can be expected that in both figures, at given pressure, the resonant frequency falls down as the 

voltage increases because of the soft spring effect. In figure 3, the linearity of the curves gets worse with 

the increase of DC bias because the soft spring effect gets more effective. However, in figure 4, the 

variation of resonant frequency is not obvious as the DC bias gets larger for the spring softening effect is 

surmounted by the stress hardening effect which plays a leading role in changing the resonant frequency of 

the membrane. The resonant frequency increases linearly with the rise of pressure at a given DC bias 

voltage for structure 2 which is selected for the following fabrication and experiments. 
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Figure 4 – The simulation results of structure 2 (R480µm, gap 10µm) for detection of 20-101kPa 

3. Fabrication 

The CMUT array was fabricated using Si wafer bonding process which introduces small stress, and good 

cell uniformity (18). It begins with two wafers: a prime quality silicon wafer and a SOI wafer. In its simplest 

form, the wafer-bonded CMUT process can be summarized as follows: The prime quality silicon wafer is 

thermally oxidized to a predetermined thickness (Fig. 5a), followed by a photolithography step to define the 

cavity shape (Fig. 5b). The silicon dioxide layer is dry etched through the photoresist pattern all the way to 

the silicon, as shown in Fig. 5c. After the photoresist is removed, another layer of silicon dioxide is thermally 

grown to form the insulation layer for isolating the conductive silicon substrate from the top electrode to 

avoid shorting (Fig. 5d). Following RCA cleaning and surface activated, the SOI wafer and the prime wafer 

are brought together in vacuum (Fig. 5e). After bonding and annealing, the handle of the SOI wafer as well as 

the buried oxide layer is removed to release the membranes (Fig. 5f). Openings through the silicon and 

silicon dioxide layers are defined with photolithography and etched through to access the bottom silicon layer 

and make the ground connection (Fig. 5g). Finally the top Au electrode was sputtered on the membranes to 

make the top connection (Fig. 5h). The elements are electrically isolated by etching all the way to the oxide 

layer. Wafer bonding process simplifies the process, reduces the number of steps and the turn-around time, 

eliminates problems with membrane release, high stress, and porous films, and increases the yield, uniformity, 

and process control. 

 

Figure 5 – Detailed view of the manufacture process of the CMUT array 

The finished bare CMUT chip is glued on a specially designed printed circuit board (PCB), and the top 

and bottom electrodes of the CMUT device are wire bonded to the corresponding pads on PCB, as shown in 

Fig. 6a, the partial enlarged detail of the CMUT array is shown in Fig.6b. The gold color represents the gold 

electrode on the membrane. A cross-section view of a single cell of the CMUT array is shown in Fig.6c. 
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Figure 6 – (a) The photo of the CMUT array, (b) partial enlarged detail of the CMUT array,  

(c) a cross-section view of the CMUT cell. 

4. Experiments 

4.1 Pressure Detection System 

After the top and bottom electrodes of the CMUT device are wire bonded to the corresponding pads on the 

PCB, a vacuum pressure detection system was built to perform measurements at elevated pressure. Figure 7 

shows the schematic view of the experimental setup. 

 

Figure 7 – Schematic view of the experimental setup 

During the experiment, a vacuum pump is used to extract air from the chamber to provide vacuum 

pressure. The wires are inserted into the chamber through a plug. One ends of the wires are connected to the 

top and bottom electrodes of the CMUT device placed in the vacuum chamber, and the other ends are 

connected to the two ports of the impedance analyzer fixture. The output of DC source is connected to the 

impedance analyzer fixture which provides DC bias voltage to CMUT. At each DC bias, measurements were 

conducted by the impedance analyzer HP 4294 (Agilent Technolgies Inc., Palo Alto, CA, USA) to obtain 

electrical impedance curves of the CMUT device at various pressures. The measured data and curves can be 

recorded by the personal computer connected to the impedance analyzer. 

4.2 Experiment Results and Discussion 

The measured resonant frequency curves of the fabricated CMUT array are shown in Fig. 8. The linear fit 

was conducted for each curve at DC biases of 30V, 90V, 150V, 200V, respectively. Then the results were 

summarized in Table 2. High sensitivity and linearity were achieved, and the sensitivity at 30V can reach as 

high as 438Hz/kPa. According to the R-Square value of the curves under different DC biases, the 
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improvement of linearity is not obvious when the DC bias is increased from 30V to 200V. So 30V is preferred 

since low voltage is more convenient and safe. The experimental curve shows a good agreement with the 

FEM result as shown in Fig. 9. The FEM underestimates the magnitude of the resonant frequency for the 

internal stress of the CMUT membrane induced during the fabrication. 
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Figure 8 – The resonant frequency variation of the CMUT array  

under pressures of 20kPa-101kPa at different voltages 

 

Table 2 – Sensitivity and linearity of pressure curves of cells 2 under different DC bias 

DC bias, V Slope, Hz/kPa R-square 

30 438.14 0.99335 

90 434.53 0.9942 

150 429.37 0.99607 

200 412.42 0.99829 
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Figure 9 – Comparison of experiment and simulation results of  

the resonant frequency variation at 30V, 20kPa-101kPa 

982



 

 

5. CONCLUSIONS 

A novel method of vacuum pressure monitoring using CMUT is proposed in this paper. The array is 

designed on the basis of linear relationship between the resonant frequency and the external pressure ranging 

from 20 kPa-101 kPa. The tendency of frequency shift here is quite different from that in micro-pressure 

detecting process. With the rise of DC bias, the sensitivity gets lower while the linearity gets higher. The 

finite element model and the experimental results show a strong agreement. The sensor achieves high 

detection sensitivity of 438Hz/kPa and R-Square of 0.99335 at DC bias of 30V. The CMUT has simple 

processing technology, approvable consistency and high yield. It can be used for detection of other pressure 

ranges only by altering the structure parameters. Integrated circuit will be used to realize portable and 

miniaturized detection in the future. Therefore, CMUT array has broad application prospects in the field of 

pressure measurement.  
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Abstract
Frequency dependent acoustic absorption of propagating ultrasound waves is a key quantity in acoustic
material characterization. The standard approaches to determine the amplitude absorption coefficient
either analyze the amplitude decay of subsequent rear surface reflections of a sample with known thick-
ness (materials with low acoustic absorption) or the insertion loss of samples with different thicknesses
(materials with higher acoustic absorption). Our new approach uses the total temporal averaged ul-
trasonic power determined by means of a Radiation Force Balance, by comparing the power values of
excited bursts (number of cycles > 100) with and without the sample. The required information about
the thickness and speed of sound of the sample, as well as consequently the amplitude reflection and
transmission coefficients, were determined in advance within the same measurement setup. The effects
of half-wave layers on the reflection and transmission coefficients are incorporated in the analyzing
routines. Additionally, the frequencies of the resulting peaks of transmitted power can be used for
refinement of the samples thickness or speed-of-sound measurements. Determining ultrasound absorp-
tion by means of Radiation Force based power measurements takes advantage of the low uncertainty
of the method, but requires an extended time frame for the measurements.
Keywords: Absorption, Attenuation, Speed of Sound, Radiation Force Balance, Acoustic Material
Properties

1 INTRODUCTION
The knowledge of acoustic material properties is important to develop new and improve existing ultrasound
technologies, for instance clamp-on sensors in the medical field. They are used in diagnostics e.g. for
blood flow measurements or bubble detection. The sensors are directly connected to the blood-carrying
tubes and therefore the measurement accuracy, as well as the feasibility of quantitative measurements
in general, strongly depends on the knowledge of the tube properties and the correct configuration of
the sensors on the basis of these properties. Hence the tubes properties must be measured accurately in
advance.
Material quantities of interest usually are the speed of sound, impedance, and attenuation or absorption,
as well as the thickness and density. A compromise has to be made between accuracy, and time and effort
spent on the measurement. To access the attenuation, two methods are common [1]: The first is the single
sample through transmission method where the amplitude decay of subsequent rear surface reflections is
analyzed. The sample’s thickness must be known and its absorption must be smaller to allow multiple
reflections. The second is the double sample through transmission method which uses the insertion loss of
at least two samples with different thicknesses and is used for materials with higher acoustic absorption.
To obtain small uncertainties, big efforts have to be made concerning the measurement setup (placement
and alignment of equipment), the experimental execution and to meet the narrow conditions under which
all the assumptions are valid. Those conditions are the use of very short pulses, a narrow sound field
geometry, and the exact determination of the acoustic impedance to calculate the transmission and
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reflection coefficients. It also requires the exact determination of the sample’s speed of sound and density.
In our approach all the above mentioned quantities - absorption, thickness, density, speed of sound,

and impedance of the sample - are measured very accurately and combined in only one measurement
setup. For the absorption measurement a radiation force balance (RFB) is used. Very short pulses
are replaced by very long ones, which results in a higher ultrasonic power available for measurement and
therefore more accurate readings. It also implies the usage of a total transmission and reflection coefficient,
respectively, that takes all transmitted and reflected echoes into account. In ultrasound metrology the
lowest uncertainties (about 3 %) can be achieved for measurement of the total temporal averaged ultrasonic
power.
Our samples are made of PMMA (polymethacrylate) because it is often used as buffer rod, for ultrasound
and radiation therapy phantoms, as well as for comparison measurements. Its ultrasound properties can
be found in literature [2, 3, 4].

2 THEORY
2.1 Density Measurement
For the density measurement the buoyancy of the sample in water is used and therefore requires only
a balance. With the measured mass of the sample in air mS and in water mS,w as well as the known
density of water at a given temperature %w from [5] the density %S of the sample can be calculated:

%s = mS · %w
mS −mS,w

(1)

This results from the equilibrium of buoyancy force from the sample FS,b = %w VS g and the weight force
Fw,g = mW g, with g being the constant of gravitational acceleration. Then immediately

VS = mS

%S
= mw

%w
= mS −mS,w

%w
(2)

follows, which finally results in equation 1.

2.2 Speed of sound and Thickness Measurement
To measure the speed of sound and thickness of the sample a pulse-echo method is used [6].

Figure 1. Measurement of thickness and speed of sound of the sample. Here dS is the thickness of the
sample, z1 and z2 the ultrasound path lengths in front and behind the sample, t1 and t2 the runtimes
of ultrasound to the front and back wall of the sample, and tS and tw the runtimes to the ultrasound
reflector with and without the sample in the ultrasound path, respectively.

The experimental setup and runtimes of interest are shown in figure 1. They are defined by

t1 = 2 · z1

cw
(3)

t2 = 2 · z1

cw
+ 2 · dS

cS
(4)

tw = 2 · z1

cw
+ 2 · dS

cw
+ 2 · z2

cw
(5)

tS = 2 · z1

cw
+ 2 · dS

cS
+ 2 · z2

cw
(6)

and for the calculations the temperature dependent speed of sound from water published in [7] is used.
The runtimes are given through measurement and the unknown variables are dS and cS as well as z1 and
z2:

cS = cw ·
(
tw − tS
t2 − t1

+ 1
)

(7) dS = cS ·
t2 − t1

2 (8)
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2.3 Absorption Measurement
The absorption measurement is done in transmitting mode. A large absorbing target, which is connected
to a balance, absorbs almost the whole acoustic power that reaches the target. The front face of the
ultrasound transducer, the sample’s, and the absorber’s surfaces are aligned parallel.
With our measurement setup (section 3) we measure, strictly speaking, the attenuation within the probe.
However, the following conditions allow the assumption that attenuation is only due to absorption and
therefore the terms can be used equivalently in this paper:

• The front and back walls of our samples are parallel to each other and perpendicular to the center
line of ultrasound propagation. Therefore the incident and emerging ultrasound angles are 90◦ and
no energy is reflected or scattered out of the absorbing target due to geometrical conditions of the
sample.

• The material examined in this investigation (PMMA) is in a good approximation homogeneous and
free from scatterers. Therefore no ultrasound energy is scattered out of the target area due to
scattering within the sample.

Figure 2. The sample is shown in yellow with its thickness dS . For the theoretical derivation of the
reflection and transmission coefficients RS and TS with extended (infinite) ultrasound pulses the indices
0 and 1 are used for water and the sample, respectively.

To derive the (complex) amplitude transmission coefficient we start by taking into account the first
transmission through the sample [8]. The ultrasound wave enters the sample (transmission coefficient
T01), passes through it and emerges on the opposite side (T10). Considering the advance of the phase
eikdS and the absorption e−αdS , the total transmission coefficient is given by

TS = T01T10 · eikSdSe−αdS (9)

If k has an imaginary part, then the factor eikSdS also adds attenuation to the transmission coefficient.
Next, also the reflection at the lower boundary R10 (figure 2), the inner passage through the sample, the
reflection at the upper boundary (R10) and another passage through the sample are included:

TS = T01T10 · eikSdSe−αdS + T01R10R10T10 · e3ikSdSe−3αdS (10)

Note that possible phase jumps are represented by the sign of the reflection coefficient. When considering
an infinite amount of reflections within the probes, we finally we come to the formula

TS = T01T10 · eikSdSe−αdS

+ T01T10 · eikSdSe−αdS ·R10R10 · e2ikSdSe−2αdS

+ T01T10 · eikSdSe−αdS ·
(
R10R10 · e2ikSdSe−2αdS

)2

+ ...

= T01T10 · eikSdSe−αdS · lim
m→∞

m∑
l=0

(
R2

10 · e2ikSdSe−2αdS
)l
, l ∈ N0 (11)

This is an infinite series in the form Sl = lim
m→∞

m∑
l=0

xl which is given by Sl = lim
l→∞

1−xl

1−x = 1
1−x for all

|x| < 1. The term
(
R2

10 · e2ikSdSe−2αdS
)
is always smaller than 1 because each factor is smaller than 1

and |e2ikSdS | ≤ 1, respectively. Therefore the transmission and, analogously, the reflection coefficients are
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given by

TS = T01T10 · eikSdSe−αdS

1−R2
10 · e2ikSdSe−2αdS

(12)

RS = R01 + T01R10T10 · e2ikSdSe−2αdS

1−R2
10 · e2ikSdSe−2αdS

(13)

With the known densities and speeds of sound from water (%w[5],cw[7]) and the sample (%S ,cS ; see sections
2.1 and 2.2) the transmission and reflection coefficients for the water-sample border (T01, R01) can be
calculated from the acoustic impedances (Z = % c):

T01 = 2ZS
ZS + Zw

(14) R01 = ZS − Zw
ZS + Zw

(15)

With the radiation force balance, the ultrasonic power P received at an absorbing target is determined
through measurement of the mass “jumps” P = cW · g ·∆m when turning the ultrasound transducer on.
Therefore the absorption can be obtained by numerically fitting the equation√

PS
Pe

=

√
cw(ϑ) ·∆mS

cw(ϑ) ·∆me
= T01T10 · eikSdSe−αdS

1−R2
10 · e2ikSdSe−2αdS

(16)

with PS and Pe being the measured ultrasound powers at the radiation force balance with and without
the sample in the ultrasound path, cW (ϑ) the temperature dependent speed of sound of water, and ∆mS

and ∆me the mass differences when turning on the ultrasound transducer with and without the sample
in the ultrasound path. For α we use the general formula

α = a · f b (17)

with a and b being constants and f being the frequency.

2.4 Half-wave layers
In the previous section the transmission and reflection coefficients for infinite ultrasound waves were
derived. Since the wave has an infinite length it is important to add the phases correctly. This is done
by the term e2ikSdS and immediately leads to effects that provide further information.
First it predicts half-wave layers at sample thicknesses dS = mλS

2 = mπ
kS

(with m = 1, 2, ...). From the
equations 12 and 13 it can be easily seen that (by neglecting the absorption) the transmission coefficient
TS = 1 and RS = 0 (using the relations eikSdS = cos(kSdS) + i sin(kSdS), T01 = 1 +R01 and R01 = R10).
Taking the absorption into account it still holds that the transmission coefficient has a maximum at those
frequencies where the sample thickness corresponds to half a wavelength (f = mcS

2dS
) and the reflection

coefficient a minimum.
It secondly means, that an oscillation of the ultrasonic power is present in the spectrum that is only
dependent on the speed of sound of the sample and its thickness. It can therefore be used to refine one
of those measurements, whichever is less accurate. A detailed analysis and proof of concept are beyond
the scope of this paper and will be included in detail in future work.

3 EXPERIMENTAL SETUP, CALCULATION, AND MATERIAL
In figure 3 the experimental setup is shown: measurement of absorption/attenuation - reflector open,
measurement of speed of sound and sample thickness - reflector closed.
Absorption measurement
To determine the ultrasonic power a radiation force balance (RFB) method as described in [9] is used. The
setup is equal to the RFB setup in [10] used by PTB and has an uncertainty of about 3% at 5MHz. The
ultrasound transducer (Olympus, diameter 5MHz, 12.7mm (0.5 inch), bandwidth 3.14MHz) is oriented
upward and run by a generator (Tektronix AFG3101) and amplifier (121CR rf power labs, 50 dB) in
transmit-mode sending 2µs bursts at a single frequency. The target (HAM A, Precision Acoustics) is
placed 10 cm above the transducer covering the whole cross section of the ultrasonic field and absorbs
99% of the received ultrasound energy. The mass difference is measured with a balance (AX105 Delta
Range from Mettler-Toledo, ∆m = 0.1mg). The experiments are run and analyzed with MATLAB 2019b.
Temperature was controlled with the thermometer GMH 3710 from Greisinger electronic.
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Figure 3. Measurement of attenuation. 1..absorbing target, 2..sample, 3..laterally displaceable reflector,
4..sample holder, 5..transducer

Absorption calculation
A numerical fit of equation 16, using equations 12 to 17, was used to calculate the coefficients a and b of
the absorption α = a · f b. Using MATLAB 2019b, the sum of the squared residuals was minimized. The
increments of a and b where 0.001 and 0.01, respectively. Since a frequency exponent very close to 1 was
found, the fit model for the hydrophone measurements was changed to α = c+ a · f .
Speed of sound and thickness measurement
A pulser-receiver (Panametrics Model 5800) runs the US-transducer and emits bursts of three cycles.
The received signal is send to an oscilloscope (Keysight InfiniiVision DSO-X 3034T) and read out by
MATLAB. The reflector can be moved along the x-direction into the sound field.
Hydrophone measurement
The US transducer is placed downwards in a degassed waterbath (temperature and oxygen measurement
with Hach HQ 40d). The hydrophone (ONDA HGL-0400 S/N 1380, effective diameter 0.4mm) is placed
in the distance of 15 cm from the transducer. The transducer is run with a function generator (Agilent 33
220 A) and the hydrophone signal is acquired with an oscilloscope (PicoScope PS5244A) and processed
by the ONDA software Sonic Software for AIMS III, Ver. 5.2.4.0.
Samples
For this paper different PMMA discs of thicknesses 2mm, 3mm, 5mm, 7.5mm, and 10mm were used.
PMMA is a suitable plastic for comparative measurements and for verifying the new measurement con-
figuration.

4 RESULTS
4.1 PMMA data
At least three independent measurements were made at room temperature for each mentioned property.
The results for density, sample thickness and speed of sound measurements of the PMMA discs are shown
in table 1. In addition, the calculated impedances, uncertainties, and mean values are presented.

4.2 Power Measurement and Absorption
The ultrasonic power was measured at room temperature once per sample with the radiation force balance
method as a proof of concept. The results are shown in figure 4. More experiments, as well as a
detailed uncertainty consideration, will be subject to a following paper. For comparison reasons, the
ultrasound peak-to-peak pressure was measured three times per sample with a hydrophone and is also
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Table 1. The thicknesses were measured with a caliper (†) and the ultrasound method (‡). Density,
thickness2, and speed of sound of the PMMA discs were calculated with equations 1, 8, and 7. In the
last row the average values x plus-minus the standard deviations σ are shown.

sample thickness† thickness‡ mass density speed of sound impedance
(mm) (mm) (kg) (kg/m3) (m/s) (Mrayl)

PMMA 2 2.00 1.996 6.674 1185 2732 3.240
PMMA 3 3.00 2.987 9.970 1186 2740 3.249
PMMA 5 5.02 5.009 16.78 1186 2755 3.267
PMMA 7.5 7.51 7.513 25.11 1186 2754 3.266
PMMA 10 10.01 10.00 33.44 1186 2739 3.248
x 1186 2744 3.254
uncertainty ≤ 0.1% ≤ 0.2 % 0.001 g 1 kg/m3 = 0.8h ≤ 0.4 % ≤ 0.4 %

(a) Radiation Force Balance (b) Hydrophone

Figure 4. Ultrasonic power measured with the radiation force balance (a) and hydrophone (b) of PMMA
discs of different thicknesses. Reference measurements in water without PMMA samples. Absorption
values are listed in table 2.

shown in figure 4. The method used is not suitable for very small absorptions and therefore the inaccurate
measurements at 2mm and 3mm are evaluated.

Table 2. Absorption of PMMA samples at room temperature measured with the radiation force balance
(α = a · f b) as well as a hydrophone (α = c+ a · f). Values at 5MHz are calculated. See also figure 4.

Radiation Force Balance Hydrophone
sample a b α(5 MHz) a c α(5 MHz)

(dB/(cm MHzb)) (dB/cm) (dB/(cm MHz)) (dB/cm) (dB/cm)
PMMA 2 1.18 1.008 5.98 n.a.
PMMA 3 1.19 1.001 5.96 n.a.
PMMA 5 1.20 1.000 6.00 0.80 1.033 5.03
PMMA 7.5 1.17 1.002 5.87 0.69 1.649 5.12
PMMA 10 1.18 1.000 5.90 0.71 1.477 5.03
average 1.18 1.002 5.94 0.73 1.39 5.06
uncertainty ≤ 1 % ≤ 0.4 % ≤ 1.1 % 0.06 = 8 % 0.32 = 23 % ≈ 24.4 %

The calculated values for absorption parameters are shown in table 2 and figure 5. The standard deviation
of the parameters was in all cases larger than the fit error and was therefore taken as uncertainty of the
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(a) Radiation Force Balance (b) Hydrophone

Figure 5. Absorption of PMMA discs of different thicknesses as a function of frequency. The absorption
was calculated with a numerical fit (equation 16) using the measured powers in case of the Radiation
Force Balance and not with a fit of calculated absorption values at specific frequencies. Therefore no
markers are shown in (a) but only the fit curves.

parameters.

5 DISCUSSION
The measured data corresponds to literature values from PMMA as shown in table 3.
Within the bandwidth of the transducer, the power showed the expected behavior (figure 4): The power
decreases at the borders of the bandwidth frequencies and it also decreases with thicker PMMA discs due
to more absorption. The half-wave layer effects could be seen in the radiation force balance method as
predicted in equation 12. They are stronger the thinner the PMMA samples are due to less absorption.
This is a direct result from equation 12. The frequency exponent of the absorption is, as expected, close
to 1 since PMMA is a solid plastic without plasticizers.
Uncertainties are not mentioned in the publications. The main source of uncertainty in our experiments is
at present the exchange of the sample between the reference and a sample measurement and subsequently
slightly different placements and alignments of the accessories. For the hydrophone measurement even
small alignment errors of the sample lead to diffraction of the sound field and refraction out of the
hydrophone’s sensitive area. In case of the radiation force balance this error is negligible since the
distance from the sample to the target is small and since it covers the whole ultrasound field.
The calculated absorption of the PMMA discs is similar for the radiation force balance method and the
hydrophone measurement. The differences are probably due to the above mentioned errors. As other
research shows, the uncertainties are lower with the radiation force balance method. This is a result of

Table 3. Comparison of obtained PMMA data with literature. Shown are the density %, speed of sound
c, impedance Z, the frequency dependent absorption coefficient α and the absorption at 5MHz. ∗ values
are calculated from the published data.

% (kg/m3) c (m/s) Z (Mrayl) α (dB/(cm MHz)) α(5 MHz) (dB/cm)
Carlson, 2003 [2] 1192 2750 3.28 1.06∗ 60.84Np/m

=5.28 dB/cm∗
Bloomfield, 2000 [3] 1.18 · 103 2.74 · 103 3.23 1.1 5.5∗
Cheeke, 2012 [4] 1.18 · 103 2.61 · 103 3.08 2.48∗ 12.4
RFB method 1186 2744 3.254 1.18 5.94
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the large absorbing target (vs. a small receiving area when using a hydrophone) and due to the usage
of long pulses and therefore more received power (vs. short pulses for the hydrophone measurement).
Half-wave-layer effects can only be seen with the radiation force balance measurement when using long
pulses.
Our research was done as a proof of concept and will be refined in the future.

6 CONCLUSIONS
In this proof-of-concept study we have shown that the radiation force balance method is suitable to mea-
sure the attenuation coefficient of a sample very accurately. The measurement of the sample’s thickness,
density, speed of sound, and absorption can be realized in the same measurement setup. The reported
absorption values were obtained at room temperature in the frequency range 2MHz to 8MHz and com-
pared with hydrophone measurements. The radiation force balance method uses very long pulses to use a
larger ultrasound power for measurement and to take all transmitted echoes into account for attenuation
calculations. The method seems suitable for all materials that partially transmit ultrasound and will be
extended to other materials in the future.
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ABSTRACT 
Guided acoustic waves can be found in multiple applications as SAW-devices, NDE, hearing aids, fluid 
monitoring in tubes or resonance effects in structures. Among those examples, the contribution addresses the 
sound field design with linear elastic waves on thin display or touchscreen surfaces. Based on the principle 
of reversibility and the time reversal technique a simulation model was built up to calibrate the refocussing 
of vibrations on certain area. The main objective (of this work) is the haptic interaction of a finger with virtual 
elements modelled by a local vibration. The simulation bases on a finite element model of structural dynamics. 
In detail, the influence of elasticity, plate thickness in relation to the wavelength and the transducer positions 
on the wave mode selectivity are discussed. Further the numerical calibration is used to define the signals 
with respect to the contrast and resolution of tactile sensation in a focal point and the potential to selectively 
focus on multiple points at the same time. Finally two demonstrators with different frequency range are used 
for evaluation of the consistency of simulated and experimental excitation signals and the respective impacts 
on the focal quality. 
 
Keywords: surface wave, haptic 

1. INTRODUCTION 
Operating a touch-screen is a matter of course in our everyday life. However, it is not taken for 

granted for everyone (e.g. in case of individual physical constraints) or in everyday situation (e.g. 
unfavorable external conditions). Then, the usability is limited due to an absent haptic feedback as in 
case of real keys or buttons. This contribution discusses the realization of a transient elastic touch 
feedback on panels and planar structures. The key components to realize a transient and local haptic 
feedback (pulse or vibration) with a minimum number of actuators are guided elastic waves. Here the 
reversibility of an acoustic wave can be used to refocus a signal on an arbitrary local position by time 
reversal (TR) techniques [1, 2]. Numerous application fields are connected to this technology, such as 
medical intervention, non-destructive testing or impact localization on touchscreen systems [3, 4, 5]. 
Latter technology recently gains increasing attention. Therefore the contribution addresses the local 
haptic feedback on panels by using acoustic transducers with randomized patterns. In the current case 
a limited number of acoustic transducers (Fig. 1) are placed at the edges of the structure only, omitting 
the touch sensitive area, since transparent display are addressed. In contrast to known TR-procedures 
no use is made of an experimental training stage to set up a database of plate impulse responses. 
Instead, the transient signal at the transducer array, that is required to selectively address a point of 
feedback on the panel, is gained from numerical simulations. Moreover, simulation is used to define 
the actuators signals with respect to the contrast and resolution of tactile sensation in a focal point 
and the potential to selectively focus on multiple points at the same time. As a main result the studies 
illustrate that an arbitrary time and spatial focusing of an elastic impulse can be established in the 
perceptual haptic frequency range. Due to the wavelength its simple application for larger devices 
(display) seems to be promising up to now. 
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2. METHOD 

2.1 Basics: Human perception 
The haptic feedback that can be felt by a human fingertip (haptic perceptual detection threshold) 

depends on the vertical and horizontal displacement of the surface (acoustic energy), the excitation 
frequency (wavelength) and the shape of the transient displacement. The lateral spatial resolution of 
the perceptual active area mainly depends on the wavelength.  

Due to the variety of mechanoreceptors (Fig. 2) that are sensitive to different mechanical stimulus 
(pressure, strain, vibration, touch) there is a differentiation in static (tactile) and dynamic active 
(haptic) perception [6]. The tactile perception threshold of a fingertip is in the range of 1 mm. The 
maximum of the haptic sensitivity (Vater-Pacini-cell) can be found at a vibration frequency of f = 40 
… 300 Hz. The corresponding sensitivity levels (perceptual threshold) of the elongation at these 
frequencies are in the range of x > 0.2 μm for transversal displacement (Ruffini-cell) and z > 5 μm 
for displacements vertical to the skin surface. A cumulative movement of the finger over the surface 
additionally lowers the threshold (Meissner-cell). Typically, due to the ratio of the propagation 
velocity (larger wavelength) to the dimension of the focus point the shear mode is unsuitable despite 
the higher sensitivity (0.2 μm). Hence, the presented work concentrates on the basic asymmetric 
modes (A0) of guided elastic waves. 

 
Figure 1. Schematic model (3D-simulation example) for local vibro-haptic interaction on a plate 

(display) by temporal and spatial superposition of elastic waves – with a reduced number of acoustic 
transducers. 

Figure 2. Classification of most common mechanoreceptors of a human hand corresponding to 
static (tactile) and dynamic (haptic) characteristics of a surface: (left) Vater-Pacini-cell with highest 
sensitivity to vibrations perpendicular to the skin in the range of z > 5 μm elongation and frequencies 
from 40 Hz to 300 Hz; (middle) Meissner-cell for active exploration of elevations of z > 1 μm; 
(right) Ruffini-cell for registration of shear vibrations x > 0.2 μm. 
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Figure 3. (a) Wavelength of asymmetric lamb-mode A0 for plates with thickness of d = 2 mm and 
different materials (Tab. 1). (b) Illustration of the transient waveform in relation to the wavelength, 
the perceptual threshold (dotted line) and effective (sensible) width of the focus.  

2.2 Basics: Dispersive elastic waves 
In theory, there are an unlimited number of different modes that can propagate on plate structures [9]. 
The phase and group velocities of each mode are dispersive and a function of frequency. Hence, it is 
necessary to evaluate each mode concerning its cut-off frequency, wavelength and the vertical 
displacement, which is supposed to be the main parameter for haptic interaction. In this case the 
Rayleigh-Lamb-differential equations [7, 8] that describe the elastic transient behaviour depending on 
the geometry (plate thickness), the elasticity and the Poisson’s ratio are solved numerically using 
Comsol Multiphysics. The derived solution of the phase velocities enables the geometric design of 
the plate and the selection of single wave modes towards an optimized haptic feedback. Normally the 
solution is depicted within a dispersion diagram. As an example Fig. 3 a represents the dispersive 
characteristics of the velocities for different plates with thickness of d = 2 mm. In the range of the 
haptic frequency (< 300 Hz) the wavelength on selected display and surface materials varies from 160 
mm to 290 mm for the asymmetric mode A0. Concerning transient elastic signals (pulse), the half of 
the wavelength can be regarded as the minimal dimension of the vibrating focus. In which the effective 
sensible focus width depends on the perceptual threshold and the energy of the signal also (Fig. 3 b). 

TABLE I.  MATERIAL PARAMETERS 

Material [kg/m³] cL [m/s] cT [m/s] E [GPa] μ 

Acryl 1200 2700 1200 4,76 0,38 

Glass 1590 6790 4321 68.9 0.16 

Steel 7850 5778 3194 205 0,28 

2.3 Time Reversal of elastic waves: Technique, Principle and Challenges 
The reversibility of such previous linear elastic waves is used to refocus a signal at one calibrated 

position to a certain time step by time reversal (TR) techniques [4, 8]. Main challenges or necessary 
improvements are the realization of a tempo-spatial localized short pulse on the surface with 
elongations in the range of the perceptual threshold (z(t,x0) > 5 μm) and the reduction of distributed 
signal clutter (z(t,xi) < 5 μm; on the rest of the surface) and audible acoustic noise respectively.  

Principle: The ideal replication of the original impulse by time reversal of the divergent wave field 
requires a time reversal mirror, whose unlimited number of excitation points (transducer) forms a 
curve integral surrounding the original excitation point (focal point) and gathering the total transient 
acoustic field crossing that curve [8]. As an alternative in case of a plate (display), an unlimited 
number of multiple reflections (without damping) is needed to approximate the same divergent wave 
field by virtual sources at the reflecting boundaries and replacing the original mirror. Thereby  the 
accurate design and selection of the transducers is no crucial precondition:  Because of the interaction 
at the boundaries of the display different wave mode conversions occur. Due to the TR-technique only 
those signal path are counted which lead to a perpendicular surface elongation in the focal point only. 
Challenges: The multipath propagation of those elastic waves including reflections is crucial 
according to the aims: a) to use as few transducers as possible and b) to place them outside the acti ve 
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(transparent) area of the display. Further, because of damping and mode conversion only a limited 
number of excitation points and propagation path will be applicable. Hence, mainly the number and 
positions of the transducers need to be optimized to approximate the original haptic signal (input). 
The remaining challenges in realizing focal spots with guided dispersive elastic waves are:  

- the providing of selectivity of propagation path and wave mode,  
- the avoidance of audible acoustic noise, 
- the increasing of the surface elongation in the range of the perceptual threshold and  
- the adaption of the wavelength and pulse shape to the desired perceptual focal size.  
Typically common touch sensitive displays are made of glass or plastic material with a thickness 

in the range of 2 mm to 5 mm [3]. With the restriction of a few transducers only and because of the 
larger physical wavelength on such plates neither local steplike thresholds nor multiple arbitrary focus 
points in size and spacing of a human fingertip can be realized at the haptic frequencies (< 300 Hz). 
Thus, the selective generation of larger feedback spots on comparatively large plate structures seems 
to be realistic for now. The least energy and equivalent the smallest number of signal sources is needed 
for a stimulus with frequencies in the range of the maximum perceptual threshold (300 Hz). Signals 
with higher frequencies (and smaller focal dimensions) wil l need a higher excitation power due to the 
lower surface displacement and the decreasing sensitivity of the human finger [3]. Furthermore, 
additional acoustic perceptible disturbing signals would occur, which normally are not wanted. In the 
following example a “low cost” system is described to exemplify the applicability of the virtual 
calibration approach to build up a multiple spot transient haptic feedback system on “larger” 
transparent display or show window. 

Virtual Calibration: Usually the time reversal is done by measuring the impulse response or the 
spectral transfer function between two separated single transceivers.  This would include all physical 
effects and cross sensitivites within the data. Since the current application does not need an exact 
replication and coherence of a given haptic signal, an alternative fully automated virtual calibration 
by finite element modelling is used. 

Therefore a three dimensional model for plates was created to solve for the stationary eigenmodes 
and the transient behavior of short time pulses that are excited from different multiple transducer 
locations, including the reflection and mode conversion at the boundaries. The parametric prestudies 
covered variations of the number and placement of the source points, the plates’ material and thickness, 
the frequency and fixed and floating bearing of the boundaries. In conclusion the results showed that 
the material parameters don’t need to be exact since the time reversed signal is reduced to the main 
propagation path (truncated to 30% of the time window with high signal to noise ratio) and normalized. 
The 1-bit-quantization [4] is not applied. In contrast the influence of source patterns (position of 
transducers) is more crucial and defines the virtual description of the necessary input data at the 
transducers in order to excite a time reversed signal at a desired focus location.  Concerning a 
symmetric placement of the transducer it will force a symmetric (standing) wave pattern on the plate 
which could mask a focus displacement. The interference with the predominant symmetric wave (or 
elongation) pattern leads to an insufficient replication of the focal point. This elongation pattern can 
be homogenized by using a stochastic irregular pattern.  Based on the wave field snapshots Fig. 4 
illustrates the focus quality by time reversal for a regular symmetric transducer pattern and a 
randomized (not optimized) pattern with 8 source points. In the left figure the interference with the 
predominant symmetric wave pattern lead to an insufficient replication of the focal point (white circle). 
In contrast the irregular transducer arrangement (right figure) supports the formation of a shifted focal 
point. 

Hence, to avoid a predominant wave pattern and to support the formation of a shifted focal point, 
a randomized transducer placement is necessary. For this purpose of adapting the position of an 
arbitrary number of transducers an optimization algorithm was realized in Matlab – including a 
graphical output (Fig. 5). As one criterion the variety of distances between each source point was used.  

Fig. 6 depicts the steps for designing a local transient haptic feedback on transparent dev ice 
(surface): Starting information are the geometry, elasticity and poisons ratio of the display. In first 
step the demanded basic haptic feedback signal need to be defined (in our case a short pulse with 
z = +/- 10 μm surface elongation). The second step covers the definition of the haptic focal area on 
the display (focal points matrix) and the remaining area used for transducer positioning. Therewith 
the optimization algorithm calculates the adapted (optimized) source positions. In the last step the 
automated simulation model takes the geometry, the elasticity, the poisson’s ratio and the defined 
haptic signal into account to calculate the transient surface displacement for each transducer (latter 
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source) position. Doing this calculation for each focal point the final excitation signal-matrix is 
formed. In conclusion the time reversed signals of this matrix can be used to reproduce the initial 
haptic signal in any calibrated focal point. Further the linear superposition of different excitation 
matrix enables multiple vibrating focal points at the same time, whereat the energy spreading needs 
to be regarded as well. 

    
Figure 4 (left). Glass-plate (500 x 500 x 2) mm: Time reversal (simulation) with 8 transducers 

(excitation points) with regular (left) and randomized (right) pattern focusing on the same focal point 
(white spot) with a spatial offset to the plates center of x = y = +50 mm (wavelength at 325 Hz: 

A0 = 290 mm, focus timestep) 
 
Figure 5 (right). Graphical output (Matlab) of the optimization algorithm for placing the signal 

sources (transducers). 

 
Figure 6. Scheme: Algorithmic positioning of transducers on a display and virtual calibration of 

excitation signal-matrix according to the desired focal point grid and haptic surface elongation.  

2.4 Results, Verification and Study 
As an example the snapshots in Fig. 7 depicts the focus quality on a plastic plate – with nine 

calibrated focus points – regarding an optimized position of eight transducers (Fig. 7 a) according to 
Fig. 5. Already a number of eight source points is sufficient to reproduce an ideal calibration 
displacement (Fig. 7 b) with perceptual adequate quality (Fig. 7 c). With this case studie amongst 
others it could be proven, that the forward simulation of haptic impulse are adequate to virtually 
calibrate a data set for time reversal haptic feedback on arbitrary focal points (Fig. 7). Where the size 
of the focus is determined by the physical wavelength (Fig. 3). Regarding the transient behaviour, the 
elongation in all other focus points, but the desired one, do not cross the perceptual threshold at any 
time (Fig. 8). Supplemental to the numerical studies a measurement system was established which 
enables the demonstration and investigation of the time reversal on plates with up to 16 independent 
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channels. The elongation of the plate at arbitrary points is captured with a laser triangulation sensor.  
During the empirical prestudies a variety of geometric combination, boundary conditions, materials 
and mechanic transducers (piezoceramic, vibration motor, structure-borne loudspeaker, voice coil 
motor) were tested towards the excitation and time reversal of elastic A0 waves in the haptic frequency 
range (40…300) Hz. 

Fig. 9 depicts one final optimized demonstrator including a plate according to the same dimensions 
as in Fig. 7. The device consists of a plastic plate (70x70 cm², d = 2 mm) clamped in a rigid frame. 
Eight exciter (EX60, Visaton) where coupled to the backside of the plate. A simple multichannel sound 
card was used as signal generator without any amplification. This robust measurement setup allowed 
a reliable study with a number of 70 test persons. Within the study the test persons had to distinguish 
different focal points (position and size) and to rate their subjective sensation of the focus quality and 
perception by help of a given decision table (Tab. 2). 

The analysis of the study showed that  
- the concept is well accepted by the majority (84%), 
- a “blind” recognition of the vibration focus is done by 94% of the persons independent from 

age and experience with touch displays, 
- the perceptual intensity shows high diversity and 
- 50% had a the spatial deviation of the real focus center to the subjective center felt by the 

individual of less than 20 mm (which correlates to the wavelength on this plate) (Fig. 10). 
In summary the empirical study verified the concept and the functionality of a vibro-acoustic haptic 

system for transparent surfaces, which was designed and virtually calibrated with a numerical model 
and an algorithm only. 

 

 
Figure 7. (a) Simulation model of a plastic plate [700 x 700 x 2]mm with 8 randomly distributed 

transducers and 9 selected focal points; (b) 2D-distribution of ideal localized displacement and (c) 
real displacement in focal point. 
 

 
Figure 8. comparison: Normalized surface displacements z in all nine calibrated focal points – 

when focusing only one (red curve crosses the perceptual threshold only) 
 

Displacement  
in all focal points 

0    0.05         0.1             0.15    t [s] 

adjusted threshold 
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Figure 9. Demonstrator: plastic plate (700 mm × 700 mm × 2 mm) clamped in an aluminum frame; 

source: 8 randomly distributed transducers (Fig. 4) and a 8-channel-audio-device with integrated 
storage. 

 
 

 
Figure 10. Spatial deviation of the real focus center to the subjective center felt by the individual   
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ABSTRACT 
Nowadays, information transmission devices, which activate the human tactile sense, are commonly 
available for Braille generation to support the blind and on the enhancement of the gaming experience with 
a vibrating gamepad. The generation of real surface structures with a device, a so-called tactile display, has 
not been solved satisfactorily so far. A new approach is to generate a stress-strain-distribution in the finger 
similar to that, which occurs while moving a finger over a surface, so that the tactile perception is alike. 
Vibrations generate the stress-strain-distribution. To realize this in a tactile display, interdisciplinary 
knowledge is necessary. The actuators of the display have to address the different stimulation processes of 
the individual mechanoreceptors in the skin. In addition, every person has individual tactile impressions 
according to the fingers physiology. In order to satisfy this requirements, small, powerful and high dynamic 
actuators are needed. Furthermore, the current load characteristic of the actuator is always needed for control. 
In this work, our novel tactile displays to stimulate the mechanoreceptors of the human finger by suitable 
frequencies and amplitudes are discussed in detail. The self-sensing concept is presented to obtain online the 
individual actuators displacement and force. 
 
Keywords: Tactile display, self-sensing, transfer matrix method, perception threshold 

1. INTRODUCTION 
Today, there is already a broad spectrum of displays in the scientific world that can be understood 

as tactile displays and use the tactile sense of the human being as the main communication channel. 
Such displays promise a high potential, if their functionality can be realized cost-effectively in the 
future. This not only includes the enrichment of the gaming industry, but also online shopping 
platforms could offer a better shopping experience if buyers had such devices at home. Also, the 
training of assembly staff could be made much more realistic through VR (Virtual Reality) trainings, 
which lead to a higher learning success. In order to be able to develop such displays, a sound 
knowledge of the sense of touch is required. While it is sufficient to use an actuator distance equal to 
the two-point threshold for the representation of static Braille information, the actuator distance must 
be smaller than the two-point threshold for displays that want to simulate a real surface. In [14], 
Bensmaïa et al. showed that this distance should be between 1 mm and 2 mm so that the individual 
pins are no longer recognized. In addition, the functions of the individual mechanoreceptors of the 
cutaneous somatosensory system of the human skin must be known. As indicated in [15], there are the 
Meissner corpuscle, which are sensitive to the speed of perception. They operate in a frequency range 
of about 1 Hz-300 Hz and are mainly responsible for motion detection and grip control. They require 
amplitudes of at least 6 μm. The Merkel receptors are sensitive to static and perpendicular deflection 
to the finger. They are intend for shape and texture perception and operate in a frequency range from 
0 Hz to 30 Hz. They require amplitudes of at least 30 μm. The Ruffini corpuscle, are sensitive to 
tangential forces and skin shearing. They operate in a frequency range from 0 Hz to 15 Hz. They 
require amplitudes of at least 300 μm, which is a major reason why many tactile displays do not 
activate these corpuscles. Finally, there is the Pacinian corpuscle. They are especially sensitive to 
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vibrations and they provide the fine tuning of sensations. They operate in a frequency range from 5 
Hz to 1000 Hz and require only amplitudes of at least about 0.08 μm. With this kind of background 
information tactile displays can be developed. A possible classification of different tactile displays 
can be carried out as suggested in [1]: There are three main groups of tactile displays: 1. Simulation 
of physical characteristics 2. Stimulation of mechanoreceptors 3. Activation of mechanoreceptors . For 
the first group, a deeper knowledge about the physical properties of the surface that is simulated is 
necessary in contrast to the understanding of the sense of touch; for the other two groups, a high 
understanding of the tactile sense itself is necessary.  The boundaries between the simulation of 
physical properties and the stimulation of mechanoreceptors are vaguely, so that the first and second 
group can be better classified with their objectives. For the first and second group the objectives are 
to transmit Braille information, to reproduce surface textures, to adjust the resistive force and to 
control the temperature. To transmit Braille information, the achieved actuator type systems are 
pneumatically in [2], with phase change liquid gas in [3], with a smart fluid with an electrically 
controllable viscosity in [4] with an electrical actuation of a polymer in [5] and a static deformation 
of piezoelectric bending actuators in [6] or piezoelectric multilayers in [20] are driven. To transmit 
surface texture information the achieved actuator types are pneumatically [7, 16], with shape memory 
alloy in [8, 17], with electrostatic force in [9, 18], with polymer actuators in [10] and with electro 
magnetic force in [11, 19]. For the area of the resistive force the authors in [12] developed a stiffness 
controllable display. The authors in [13] published a temperature changeable display which uses 
different spread of gases out of nozzles e.g. ethanol. For the third group Kitamura and Miki developed 
in [21] an electro tactile display with needles, which stimulate directly the mechanoreceptors via an 
electro stimulus. We propose a further category of tactile displays.  These displays stand out due to 
their high frequency range up to 1 kHz. The developers of these displays do not want to reproduce the 
real surface with its physical properties as accurately as possible. The main goal is rather to stimulate 
the finger with vibrations in such a way that the same feeling arises as when driving over a surface 
with the finger without the real surface being present. This is because when a finger passes over a 
surface, the finger's papillaries on the surface to be touched constantly cause the finger to stick and 
glide, causing the finger to vibrate which creates the sensation of feeling. Therefore, the tactile 
displays should create a similar stress and strain distribution in the finger like with a real surface 
contact without the real surface (see figure 1). Examples for such kind of displays are for a one-
excitation direction actuators is the tactile display called STReSS [22] and the solid-state joint actuator 
[23]. These kinds of Displays make a step further and the developers designed displays with 2D 
excitation actuators like in [22] with the STReSS² where the actuators are circular positioned and in 
[15, 24] with real 2D excitation directions one perpendicular to the finger an one for shearing 
excitation. In order to adjust the actuators to the corresponding amplitudes, frequencies and forces 
offered by human finger physiology, preliminary investigations are necessary. For this purpose, 
impedance measurements are performed on the fingers of several subjects using pins with a similar 
geometry to the later actuator. Based on these measurements, the actuators are then developed and 
designed. The transfer matrix method [25, 26] has proven to be extremely fast for the description of 
the motion, especially in piezoelectric bending actuators. So this method is used here for the 
description of the actuators. It is also possible with this method to use the actuator itself as a sensor 
online via the so-called self-sensing in order to be able to control the load online [27]. In this 
publication, we will discuss in detail the achievements of our vibro tactile displays from design to 
modelling to the finished display. We will present the novel displays with a 1D line of actuators like 
e.g. from [23]. Afterwards we will present a novel display in which the actuators are distributed in a 
2D area and consist only of bending actuators, then the coupled actuators with two excitation 
directions distributed in a 2D area of the novel display of [15]. 

 
Figure 1 – A schematic finger with a fingernail and the bone in the middle moves over a rough surface and 

the resulting stress and strain distribution (left) and on a tactile display with moving actuators (right) 
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2. LOAD MODEL AND PERCEPTION THRESHOLD 
In this section, the different load models for the individual tactile displays are presented, on the 

basis of which the actuators are then designed. Currently, a separate load model is created for each 
upcoming contact geometry, because it has turned out that every small change with the contact area 
has an influence on the feeling experience. So it makes a difference whether the subject press on the 
actuator with 2 g or with 50 g. Furthermore, it makes a difference whether the actuator surface is small 
or large, round or angular. Also an influence possesses a possibly existing mask on which the finger 
rests and actuators are led only through. In order to create a uniform load model, extensive, very 
complex simulations would be necessary, whereby the parameters for these simulations are not easy 
to obtain, because every person has a slightly different finger and different emotional perception. 
Therefore, it is currently unavoidable to carry out studies on subjects to ensure that the actuators 
manufactured later also fulfill their purpose. The lowest limit that the actuators must reach under load 
conditions with their deflection amplitudes is the perception threshold. From this threshold, the 
subjects are barely able to feel that something is there. Better are amplitudes that are larger than the 
perception threshold. 

2.1 Load model 
In [25] we show how a real actuator (in this case a piezoelectric bimorph) is measured with a 

LASER vibrometer (see figure 1, left). The actuator is placed on a load cell and the finger lies on the 
mounting system of the actuator. In the mounting system is an aperture of 2 mm x 3 mm, where the 
finger has contact with the actuator. Throughout the experiment, the subject were ordered to keep the 
load on the actuator constant. Six subjects participated in this study and the results of the 
measurements can be seen in figure 1, middle. It is clearly visible that there is a large scattering of 
the results and the behaviour is changing with the frequency. We built up a generalized Maxwell model 
(see figure 1 right) using the measurements results and thus modeled the load of the finger on the 
actuator for these conditions and we thus determined the optimal length according to the properties of 
our actuator to arrive against the resistance of the finger.  These results were used for the display in 
section 3.2. 

 
Figure 1 – Schematic representation of the experimental setup (left), Measurement of six subjects (middle), 

Generalized Maxwell model for the translational load component (right) [25] 
For the displays in section 3.1 and section 3.3 the load model were made in a similar way with the 

difference that displacement has been not measured. It is depicted, in figure 2 left, that the subjects 
placed their fingers on a pin with a nearly similar contact geometry like the actuator of the later display.  
The shaker was adjusted in two positions. One for perpendicular and one for tangential excitation of 
the finger. With an impedance probe the impedance were measured. The subjects had to keep a steady 
preload of 50 g. Out of theses recorded data a mechanical equivalent model depending on the 
excitation frequency were modeled as a load model.  In detail explanations to the load models can be 
found in [15] and [25]. 

 
Figure 2 – Schematic representation of the experimental setup (left), conversion of a finger to a frequency 

depending spring damping model (right) [15]  
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2.2 Perception threshold 
The perception threshold of the subjects is strongly dependent on the contact geometry, as well as 

on the excitation direction and the preload. For this purpose, we measured the perception threshold of 
several subjects using the experimental setup depicted in figure 2 left and present the medians of the 
measurement results in figure 3. For vertical excitation, 8 Subjects participated and their average age 
was 30 years. For the stimulation from left to right 7 subjects took part and their average age was 25  
years. 8 subjects took part in the front to back stimulation and their average age was 26 years.  

The subjects carried out a preparation test, after which they knew what feeling they had to pay 
attention to. The amplitude of the shaker was then increased in the experiment until the subject s gave 
the signal that they could feel something. 

The results in figure 3 depict that the perception threshold is frequency-dependent. This is due to 
the behaviour of the mechanoreceptors. They are also direction-dependent and load-dependent. This 
is due to a change in the deformation and prestressing state in the finger.  These perception thresholds 
represent the absolute minimum that the actuators must reach in order for the subject to feel anything 
at all. 

 

Figure 3 – Median of measured perception thresholds with under different preload of the finger on the 

actuator 

3. TACTILE DISPLAYS 
In this section we introduce our tactile displays. We describe the special features and give 

simplified models with which it is possible to operate these tactile displays. We go from a line display 
to an array display up to a coupled array display, where the actuators have two excitation directions. 

3.1 The line displays 
Figure 4 shows two tactile line displays that are intended to compare different excitation directions 

and actuator types. Five solid state joint actuators are assembled to a display which can be seen in 
figure 4 left. These are each driven by two piezoelectric multilayers. The contact area to the finger is 
9.8 mm x 5.9 mm. Each actuator is only 1 mm thick. The most striking feature of this display is that 
it can reach deflection amplitudes of up to 100 μm up to frequencies of 500 Hz. A detailed description 
of this display can be found in [23]. A display were the actuators consist of piezoelectric bimorphs 
can be seen in figure 4 right. Between the individual layers, the piezoelectric bimorphs are clamped 
with their contacts in the display and offer the same contact area to the finger as the display shown on 
the left. With these displays, we pointed out what kind of forces or amplitudes we need in the different 
excitation directions. 

     
Figure 4 – The perpendicular tactile display with five solid state joint actuators (left) [23], the lateral tactile 

display with five piezoelectric bimorphs (right)  
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3.2 Array display 
Figure 5 shows a tactile display with a mouse of a computer. In this display the actuators form a 

rectangular contact area to the finger. The contact surface to the finger has a dimension of 9.5 mm x 
7.9 mm. The actuators are arranged in a 5x5 array and can be controlled individually. These actuators 
are also piezoelectric bimorphs. They are particularly suitable for tactile displays due to their 
relatively large displacements with sufficient forces in a wide frequency range. On the right in figure 
5 the display is shown with the finger of a subject. Due to the area arrangement, complex geometries 
such as Braille patterns or surface properties can now also be transmitted to the finger with vibrations 
using shear force excitation. 

      

Figure 5 – The 5x5 Array display with shear force actuators and a PC mouse (left) and with the finger of a 

subject (right) 

3.3 Bimodal tactile display 
The bimodal tactile display is made to address the individual mechanoreceptors.  The perpendicular 

actuator works as electromagnetic actuator with low frequencies to stimulate the Merkel receptors.  At 
the top of the perpendicular actuators, piezoelectric bimorphs are mounted as lateral actuators and 
works at frequencies up to 1 kHz to address the Meissner and Pacinian corpuscles. The bimodal tactile 
display include 16 coupled actuators in an array of 4x4. The spatial resolution (pin center to pin center) 
is only 2.4mm with a footprint of each coupled actuator of 2.3 mm x 2.3 mm. In figure 6 a) the lower 
circuit board of the bimodal tactile display with the 16 perpendicular actuators is shown. They were 
assembled with an upper circuit board and with the lateral actuators at the base, which can be seen in 
figure 6 b). In figure 6 c) is the final assembled bimodal tactile display depicted.  

   

          
Figure 6 – The bimodal tactile display with a) the perpendicular actuators in the lower circuit board, b) the 

assembled perpendicular and lateral actuators with the upper and lower circuit board and the base and c) the 

assembled bimodal tactile display with the mask for the finger. A simplified model of the piezoelectric 

actuator for the transfer matrix method d)  

a) b) 

c) d) 
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The transfer matrix method is a well working method to get an efficiently evaluable model of the 
piezoelectric bimorph. In figure 6 d), the simplified model of the piezoelectric actuator consists of the 
load model of the finger at the top, the piezoelectric bimorph and the support due to the perpendicular 
actuator at the lower side, is shown. The equation system for the model consists of three matrices. The 
third matrix Rm is for the support model, the second matrix A is for the bimorph and the first one is 
the matrix Lm for the load model of the fingertip: 

 (1) 

v is the velocity,  is the angular velocity, M is the moment, F is the force, I is the current and U 
is the Voltage. The transfer matrices Rm, A and Lm were set up as derived in [15]. For a detailed 
description of the derivation of transfer matrix model and the bimodal tacti le display, refer [15]. 

4. SELF-SENSING 
This section introduces the self-sensing concept, which can be used to measure and to control 

piezoelectric bimorph actuators online. 
The transfer matrix method offers a possibility to determine all actual state variables online from 

the measured current and the given voltage of an operating piezoelectric bimorph. As already shown 
in equation (1), that a piezoelectric bimorph for its transfer matrix possesses ten state variables 
coupled by five equations. However, if the current is measured, the voltage is given and the support 
condition is known, then the transfer matrix can't be evaluate because there are only four variables of 
ten known. However, if now the contact electrode of the piezo is separated into two pa rts, then the 
transfer matrix can be assembled from two coupled systems. The new system then has fifteen state 
variables, but four of them are known by the coupling, two currents and one voltage can be measured, 
two variables are also known by the support condition and one voltage is also known due to the 
coupling. The variables with the m as index are the coupling state variables in the transfer matrix 
system: 

 (2) 

    

Figure 7 – a) Transfer matrix model of the piezoelectric bimorph actuator with the state variables, b) 

experimental setup to evaluate the self-sensing principle with a piezo electric bimorph 

a) b) 
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The transfer matrices b and u were set up as derived in [28]. Figure 7 a) shows the model for the 
transfer matrix calculation with all state variables. Figure 7 b) shows the experimental construction 
of a piezoelectric bimorph actuator. A measurement with a laser vibrometer serves as reference and 
the laser light can be seen in figure 7 on the top right of the piezo. In figure 8 the measured admittance 
can be seen on the left. In figure 8 are the red lines from the reference signal of the laser vibrometer 
and in green the signals obtained by the self-sensing principle are depicted. In figure 8 b) are the phase 
signals depicted. A very good agreement between the signals of the laser vibrometer and the self -
sensing principle can be seen. Because this method can be used to detect the current state of the piezo 
online, it is particularly suitable for controlling tactile displays. For more information on the self-
sensing principle see [27]. With this segmentation technique (split up the contacts of the piezoelectric 
bimorph in multiple parts), not only the mechanical state variables can be identified, but also the 
support conditions if these are unknown or change. The piezoelectric bimorph only has to be divided 
into four segments. 

  

Figure 8 – a) Admittance of the two segmented piezoelectric bimorph with different load, b) phase of the 

admittance [27] 

5. CONCLUSIONS 
We have presented several of our novel tactile displays. We showed what kind of preparations it 

takes to build up a tactile display. This includes the creation of load models based on data from subject 
studies. By the perception threshold, we have shown which amplitude the actuators of a tactile display 
must reach at least under load conditions, so that the subjects feel something at all. We have presented 
our new tactile displays and have provided a method for the description of the actuators with the 
transfer matrix method. By the self-sensing principle, it is possible to control the piezoelectric 
bimorphs online and to record their status. We are taking a big step into the future with these new and 
innovative tactile displays and control concepts. 
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ABSTRACT 

One established field of research for ultrasound is the contact-free manipulation of particles and cells. Its 

non-toxic nature, paired with the low absorption in aqueous environments, offers potential avenues even in 

the biomedical field. Ultrasonic manipulation techniques can be divided into assembly schemes that trap 

particles in elongated regions, and tweezing approaches that trap single in a localized point. Conventional 

assembly methods rely on resonant structures, which are inherently symmetric and thus limit the attainable 

structural complexity. Tweezing methods, on the other hand, must actively reposition the trap to move a 

particle, either by moving the transducer or by reconfiguring a phased array transducer. Acoustic holograms, 

however, allow to control sound fields with high fidelity and can be used to create both extended potentials 

and tweezer-like traps (1, 2). Holograms can be implemented on phased array transducer or using 3D-printed 

elements. The latter allows several orders of magnitude more degrees of freedom in the design at virtually no 

added cost, which allows to explore more advanced particle manipulation techniques. In this talk, I will give 

an overview over acoustic holography and its use for microparticle assembly, rapid fabrication and I will 

highlight new developments. 

 

Keywords: acoustic hologram, particle manipulation, acoustic fabrication 
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Precise airborne sound field characterization using a miniaturized 
laser interferometer of 1 MHz bandwidth 

Ryan SOMMERHUBER1 
1 XARION Laser Acoustics GmbH 

In order to determine the spatial pressure distribution of an airborne sound field, idealized mathematical 

simulations are often relied upon. However, these do not always account for real life situations, for instance 

for emitter degradation over time, or emitter surface damages. Thus actual measurements of airborne 

acoustic fields can be of significant importance for emitter manufacturers and users. Special purpose 

applications such as air-coupled ultrasound material inspection (NDT), gas flow rate measurement or 

human gesture tracking require optimization of sound pressure level, frequency matching or focal 

alignment. With an effective sensing area of 0.6 mm2 and a frequency bandwidth of 1 MHz, the presented 

optical microphone is ideally suited for high-resolution scanning of ultrasound fields. The sensing principle 

is based on measuring the pressure-induced refractive index change using solely a fibre-coupled, rigid 

Fabry-Pérot cavity, and does not feature any post-pulse ringing of mechanically moveable parts. Contrary 

to laser vibrometers, the detection laser remains confined to the microphone capsule. Measurement results 

will be presented, revealing nearfield interference, side lobes and focal spots of resonant piezoelectric 

transducers as well as broadband emitters. 
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Absorbing target for radiation force measurements below 1 MHz 

Megan JENKINSON1; Andrew HURRELL2 

Precision Acoustics Ltd, UK 

ABSTRACT 

Radiation Force Balance (RFB) measurements are a widely accepted and standardised method of 

determining ultrasonic power. Many RFBs incorporate an absorbing target and at frequencies above 1 MHz 

there are a range of ultrasonically anechoic materials that are available for this purpose. Below 1 MHz 

wavelengths increase and the range of candidate materials for use as absorbing targets is reduced. 

This paper introduces a new anechoic target material specifically designed for use in the frequency range 200 

kHz to 1.5 MHz. It is based upon a pre-existing and proven material formulation but with modifications to its 

geometrical front surface to enhance its echo reduction. Experimental results are presented of both its 

performance in isolation, as well as part of a lower frequency RFB system. 

 

Keywords: Radiation Force Balance, Anechoic, Absorber 

1. INTRODUCTION 

A Radiation Force Balance (RFB) is a device that permits rapid quantification of ultrasonic power.  

Their use has become sufficiently well-established that there is an IEC standard dedicated to the design 

and performance of RFBs (1). All RFBs require some form of ultrasonic absorbing material, either 

directly in the acoustic pathway (as an absorbing target) or indirectly to absorb the signal scattered 

from a reflecting target. The efficiency of these absorbing materials is critical to the functioning of the 

RFB and therefore performance levels for absorbers are specified within the relevant standards for 

physiotherapy (1) and HITU (2) regimes. 
Absorbing materials are commercially available (3) that meet the criteria established in the relevant 

IEC standards (1) (2) for the frequency range 1 MHz to 20 MHz. Recently however, there are a number 

of therapeutic ultrasound devices coming to market with operating frequencies below 0.5 MHz and a 

forthcoming IEC standard (4) will cater for these. Consequently, absorbing materials designed for 

operation below 1 MHz are required to enable RFBs to operate in this frequency range . 

In this study four materials were characterised over the frequency range 0.2 MHz to 1.5 MHz to 

assess their echo reduction. Three of these are commercially available as AptFlex F28, AptFlex F28P 

and AptFlex F48. This paper also introduces a new material AptFlex F48P, specifically designed to 

provide superior performance in the sub-1 MHz region. All these materials (produced by Acoustic 

Polymers Ltd) are micro-bubble filled materials with an acoustic impedance matched to water. 

AptFlex F28 and F28P are optimised for frequencies above 1 MHz and have previously been 

characterised by the National Physical Laboratory (NPL) in London over the frequency range 1 MHz 

to 20 MHz at room temperature. The “P” suffix indicates that the material has a pyramidal structured 

surface.  

AptFlex F48 is designed so that at room temperature it offers greater absorption below 1 MHz and 

has also had its echo reduction assessed at NPL over the frequency range 200 kHz to 1.0 MHz.  The 

new material AptFlex F48P incorporates a structured surface akin to the differences between F28 and 

F28P albeit with the dimensions of the structured features scaled to longer wavelength; F48P has yet to 

be tested at NPL. 

2. THEORETICAL BACKGROUND 

The definition of Echo Reduction (ER) from (5) is the reduction in pressure amplitude of an 

                                                        
1 megan@acoustics.co.uk 
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ultrasonic plane wave resulting from its reflection from an interface between two media, 

𝐸𝑅 =  −20 𝑙𝑜𝑔10 (
𝑝𝑟

𝑝𝑖
)  𝑑𝐵 (1) 

 
where  

pr  is the pressure amplitude of the reflected longitudinal wave;  

pi  is the pressure amplitude of the incident longitudinal wave. 

Direct measurement of the incident pressure is often difficult to achieve without introducing 

perturbations to the incident field itself. Therefore, as detailed elsewhere (5), echo reduction is often 

evaluated by considering the reflection from a reference reflector (typically a polished acoustic mirror 

of known properties and thickness that is long relative to wavelength). Echo reduction is then 

calculated as 

𝐸𝑅 =  −20 𝑙𝑜𝑔10 (
𝑝𝑟

�̂�𝑟
)  𝑑𝐵 (2) 

 

where 

�̂�𝑟(𝑓)  =  𝑝𝑟(𝑓) . 𝑅𝑝,𝑟𝑒𝑓𝑙𝑒𝑐𝑡𝑜𝑟 . For a stainless-steel reflector immersed in water at 20°C, 

𝑅𝑝,𝑟𝑒𝑓𝑙𝑒𝑐𝑡𝑜𝑟 has a value of 0.9389. 

 

3. DESIGN RATIONALE AND IMPLEMENTATION 
The pressure reflection coefficient at the interface between two different media is given by 

𝑅𝑝 =
𝑍2 − 𝑍1

𝑍2 + 𝑍1
 (3) 

 

where 

Z1 and Z2 are the characteristic impedances of the two media.   

If the two media have the same characteristic impedance, then there is no reflection at the interface.  

However, this is not a sufficient condition for an effective anechoic material since once acoustic 

energy passes into the material it must then be absorbed.  Absorption is typically represented 

mathematically by allowing the physical quantities to be complex-valued. For the materials used in 

this study, the real component of the impedance of the base materials is closely matched to water.  At 

the frequencies of interest to this study the absorption in water is negligible, and thus the imaginary 

component of the acoustic impedance of water tends to zero. For an absorbing material however, this 

is not the case and the lossy/absorbent behaviour can be represented by a non -zero imaginary 

component. Using the equation for reflection coefficient , the impact that an imaginary component on 

the echo reduction can be seen. 

For the situation of an anechoic material in water, let the impedance of the water be 𝑍1, and the 

impedance of the absorbing medium be 𝑍2 = 𝑍2
′ + 𝑗𝑍2

′′. The pressure reflection coefficient is thus 

𝑅𝑝 =
𝑍2

′ +  𝑗𝑍2
′′ − 𝑍1

𝑍2
′ +  𝑗𝑍2

′′ + 𝑍1
. (4) 

 

Assume that the real part of the impedance of the absorbing material is matched to water (i.e. 

𝑍2
′ = 𝑍1).  The excess pressure reflection coefficient due to the loss component is then expressed as 

𝑅𝑝 =
(𝑍2

′′)2 + 𝑗2𝑍2
′𝑍2

′′

(𝑍2
′′)2 + 4(𝑍2

′)2
 (5) 

  

This is a particularly informative result. To obtain an 𝑅𝑝 value with an amplitude of 0.01 (equivalent 

to an echo reduction of 40 dB) would require the ratio of 
𝑍2

′′

𝑍2
′   to be 0.02. For clarity, even though an 

anechoic material has a real part of impedance that is matched to water, it cannot have an imaginary 
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component greater than 
1
/50

th
 the size of the real part if echo reduction is to remain below 40 dB. 

However, such a low level of loss would require anechoic materials to be many wavelengths thick in 

order to achieve experimentally useful levels of absorption and would therefore be impractical.   

Note that Equations (3) to (5) are all derived for a planar interface between the two media (as shown 

in the left-hand section of Figure 1). An alternative approach, to overcome the limitations exposed by 

Figure 1 and permit the use of materials with higher losses, would be to ensure there is not an abrupt 

transition between the lossless and lossy media. 

Figure 1 – Surface geometry and its impact upon reflections 

Consider an absorbing material with a structured surface as shown in the right-hand section of 

Figure 1. An incident wave at plane A (the apex of the structured wedges) encounters an area averaged 

acoustic impedance that is dominated by the water surrounding the material surface; the contributio n 

from the lossy component of the anechoic material is small and thus there is only a small reflection 

from this position. As the incident wave proceeds from left to right it sees gradually more and more of 

the contribution from absorbing material. However, this increasing contribution to the imaginary part 

of impedance increases gradually, not abruptly. By the time the wave has reached plane B, 50% of the 

surface it encounters has only a real component whilst the other 50% has an additional imaginary 

component. Upon reaching plane C, the wave experiences all of the imaginary component of the lossy 

material. There will be some small reflection from each of these planes, but their sum total will be less 

than in the planar case. In practice, there are not the 3 discrete planes A to C, but gradient in acoustic 

impedance within infinitesimal changes from one position to the next.  This transition in impedance 

permits the use of much more lossy materials. 

Structured surfaces offer further advantages as well. As shown above, the reflections occur at 

spatial distributed planes and thus there will be phase differences between each of the reflected wave 

components. Thus, there will be interference effects between the different reflected wave components.  

Moreover, the incoming waves are not arriving at normal incidence to the surface of the material and 

therefore will be reflected in a range of directions. These latter two effects serve to change a specular 

reflection (from a planar surface) into a more diffuse one (from a structured surface). 

These effects have previously been shown to have a significant enhancement on the performance of 

higher frequency anechoic materials, and that philosophy is applied within this paper to materials 

operating below 1 MHz. One final note is that care needs to be taken to ensure that reflections from a 

structured surface do not exhibit coherent reflections at discrete angles (corresponding to normal 

incidence on the sides of wedge structure). For this reason, when designing the new absorb ing target 

described in this paper, the wedge structures have 4 different orientations in order to absorb incoming 

waves from various directions. A photograph of the structured surface of the new low frequency 

absorber, called F48P, can be found in Figure 2.  The total thickness of the tile is only 20mm whereas 

the wavelength at 200 kHz in water is 7.4mm; the tile is thus less than 3 wavelengths thick at the lowest 
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frequency used in this study.   

 

Figure 2 - Structured surface of F48P 

4. EXPERIMENTAL METHOD 

Echo reduction was measured on material samples using the method detailed in a forthcoming 

specification IEC 63081 (5) and summarised for completeness here. Three transducers (with centre 

frequencies 300 kHz, 500 kHz and 1 MHz) were used to cover the required frequency range.  A 

polished stainless-steel block (50mm thick) was used to approximate a perfect reflector. Each 

transducer was used in pulse-echo mode and its rotation was adjusted in two rotation axes to maximise 

the reflected signal. A reference reflection signal was first acquired by looking at the signal reflected 

by the stainless-steel reflector. The target material was then inserted between transducer and reflector 

and the transducers’ axial position was then adjusted to ensure that the signal reflected from both 

sample and reference reflector had the same time delay. Signals were time-gated to eliminate spurious 

reflections from other parts of the experimental apparatus and the echo reduction was determined , as a 

function of frequency, using Equation (2). 
During the characterisation of structured materials, angle of incidence can have a substantial effect 

on the value of echo reduction recorded. This is due to the back reflections at certain combinations of 

angle and frequency resulting in potential constructive and destructive interference effects.  

Consequently, signals were acquired at seven different angular orientations and averaged.  

F48 has previously been characterised by the NPL at frequencies below 1.5 MHz. This material was 

therefore chosen as a candidate material to validate the in-house experimental configuration for the 

determination of ER. Figure 3 displays the results from Precision Acoustics Limited (PAL) and NPL 

measurements and the close agreement provides confidence in the validity of the method.  
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Figure 3 - Echo reduction of F48 (validation exercise) 

The commercially available higher frequency absorbers F28 and F28P were then characterised in 

the range 0.2 MHz to 1.5 MHz. Whilst the echo reduction of this material has been determined above 

1 MHz, no data below 1 MHz has previously been obtained. This data can be found in Figure 4.  

Finally, the low frequency absorber F48 and the newly developed structured variant of this material 

F48P were quantified. The echo reduction for these materials is displayed in Figure 5. 
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5. RESULTS AND DISCUSSION 

As seen in Figure 4, F28’s echo reduction performance remains relatively constant at 22 dB across 

the frequency range used in this study. Below 250 kHz F28 and F28P exhibit statistically identical ER 

performance. However, as frequency increases, adding structure to the material drastically improves 

its echo reduction. At frequencies above 1.1 MHz, the structured F28P is at least 15 dB better than the 

non-structured F28. Interestingly, although F48 was optimised for sub-1MHz operation, a comparison 

between Figure 3 and Figure 4, shows that F28 has superior ER performance above 250 kHz.  

 

Figure 4 - Echo reduction of F28 and F28P 

The effect of a structured surface is even more evident for the low frequency absorbing materials 

(see Figure 5). Even at 250 kHz the structured surface enhances the echo reduction by 15 dB. At 

500 kHz F48P exhibits 25 dB more echo reduction than F48 and this enhancement extends to more 

than 35 dB above 1.1 MHz. The ER of F48P is more than 50 dB in the range 0.75 MHz to 1.45 MHz.  
An ER of 50 dB corresponds to an amplitude reflection factor of 0.32%. This is an order of 

magnitude better than the performance requirement (3.5% amplitude reflection factor) specified in the 

relevant IEC standard (1). Moreover, this means that the new material F48P exceeds this performance 

requirement at all frequencies measured in this study. 

The plots shown for F28P and F48P are not as smooth or flat as the unstructured materials due to 

averaging over seven positions and the scattering caused by the pyramids.  
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Figure 5 - Echo reduction of F48 and F48P 

6. IMPLEMENTATION WITHIN AN RFB 

The results thus far indicate that the new material has acoustic properties that exceed those required 

of an absorbing RFB target. The only task remaining is to install the new material in an RFB and 

evaluate its performance as a complete system.  

 

Figure 6 - F48P installed as an RFB target 

Figure 6 shows a sample of F48P mounted as an absorbing target and suspended below a 

micro-balance to act as an RFB. This balance was sent to NPL for calibration over the frequency range 

400 kHz to 600 kHz. The RFB correction factor (the ratio of the ultrasonic power  displayed by the 

RFB to the applied power) is shown in the table below.  
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Table 1 – Correction factors obtained during RFB Calibration 

Frequency Correction factor 

400 kHz 1.00 

450 kHz 1.00 

500 kHz 1.00 

550 kHz 1.00 

600 kHz 0.99 

The overall expanded uncertainty of the NPL measurement is 7%. Further work is ongoing to obtain 

NPL calibrated values for RFBs based upon F48P over a wider frequency range.   With a correction 

factor so close to unity, the F48P target is providing an excellent approximation to  an idealised 

absorbing target. 

7. CONCLUSIONS 

Echo reduction measurements for new and existing absorbing target materials are presented  and 

were conducted using the method described in the forthcoming IEC specification (5). This paper 

demonstrates how crucial adding structure to the target material is when maximising echo reduction 

for anechoic materials. Even when the real part of impedance is matched to the surrounding media, an 

abrupt transition in the imaginary component limits the achievable ER. It was shown in this paper that 

applying a structured surface to the anechoic material provides a gradual, spatially distributed, 

impedance transformation. As a consequence, high echo reductions can be achieved in a tile that 

remains spatially compact. 

The modifications to the structure of F48P improve the ER by at least 20 dB above 250 kHz. F48P 

outperforms all the materials characterised. Intriguingly, F28 has a greater echo reduction than F48 

from 400 kHz upwards. Over the frequency range 200 kHz to 1.5 MHz, F48P has a reflection factor 

below the limit specified in the relevant IEC standard (1). It is thus a suitable RFB target for standard 

compliant measurements. An F48P target has been calibrated at the NPL as a part of a radiation force 

balance to accurately measure ultrasonic power from 400 kHz to 600 kHz.  
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ABSTRACT 

Reflectance-based fiber-optic hydrophones are frequently used for high pressure ultrasound measurements. 

Often, damage to the fiber forces the user to re-cleave the fiber-top, necessitating a means of re-validating the 

calibration over a broad frequency range. A previous study proposed a validation method utilizing a stable, 

calibrated pulse ultrasound source operating at moderate diagnostic levels (about 6 MPa pk-pk.). This 

presentation will briefly review this approach, adding new results in support of the overall calibration 

scheme: (a) comparison of the calibration-check from the pulsed source to a conventional swept-frequency 

substitution method of calibration (b) recent experimental measurements of the effective aperture from 2 to 

15 MHz (c) recently compiled long-term stability data for a proposed implementation of the pulsed 

check-source. 

 

Keywords: optical, hydrophone, calibration 

1. INTRODUCTION 

Reflectance-based fiber-optic hydrophones (FOHs) are widely used for the measurement of HIFU 

and lithotripsy fields, primarily because they are easily repairable by a user simply re-cleaving the 

fiber tip whenever it is damaged. These devices work by measuring changes in the optical intensity 

reflection coefficient at the tip of a glass fiber immersed in water, due to the pressure dependence of 

water’s refractive index [1].  

The theory of operation of FOHs has been extensively described before [1-3].  Fig. 1 shows a 

sketch of an FOH. An optical fiber is cleaved and the bare tip is immersed in water. An incident 

acoustic pressure wave changes the index of refraction of both the water and (to a lesser extent) the 

glass at the tip. The change in reflected light is recorded as a change of voltage by the photoamplifier, 

which typically has both DC and AC output circuits (which we can denote as VDC and VAC (t)) and a 

specified relative Gain between the two. 

If δR(t) denotes the variation in the reflection coefficient of optical intensity,  

       δR(t)/ R0 = [GVAC(t) / (VDC- V0)]    (1) 

where VDC is the voltage output of the photoamplifier under quiescent conditions (i.e., no acoustic 

wave is incident) and R0 is the optical intensity’s reflection coefficient under ambient temperature and 

pressure. The term V0 accounts for stray light and is measured by an initial measurement with the 

fiber’s tip immersed in a fluid which has an optical index matched to glass or, alternatively, in a series 

of fluids with refractive index close to glass, followed by a fitting procedure.Thus, two or more initial 

static measurements, one in water and at least one in an index-matched fluid, are sufficient to 

normalize further measurements of the voltage output to calculate the fractional change in reflection 

coefficient δR(t)/ R0 in Eq. (1).  

   For a typical multi-mode fiber, the optical reflection coefficient may be calculated assuming an 

optical plane wave impinging normally on the glass-water interface, and may therefore be readily 

calculated from the index of optical refraction for water and of the glass of the fiber. As these material 

properties of glass and water are well-known functions of temperature and pressure, it is therefore 

possible to invert these functions to determine the pressure at the tip at a given ambient temperature, 

taking into account the non-linear aspects of water [3,4]. 
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Figure 1 Schematic of a Reflectance-based Fiber-Optic Hydrophone 

 

 

The pressure at the fiber tip is a superposition of the free-field pressure and the wave diffracted at the 

tip, and it is therefore necessary to correct for the diffracted wave in order to determine the free -field 

pressure of an incident wave. As this effect is frequency-dependent, a deconvolution procedure is 

necessary, utilizing a “deconvolution kernel” which accounts for both the magnitude and phase of the 

diffraction over a wide bandwidth (usually > 50 MHz) because of the high-frequency harmonics 

usually present in the incident pressure waveform. Because of the difficulty of direct measurement, the 

deconvolution kernels have often been based on a model. To first order the deconvolution kernel may 

be modeled by utilizing classical formulas for the average pressure  from a normally incident wave 

scattered by a rigid cylinder [2]. A further refinement accounted for the fact that the fiber averages the 

pressure only over its optical core, obtaining the deconvolution kernel from a closed-form integral [5]. 

A more recent refinement accounted for the elasticity of the fiber by calculating the diffraction kernel 

from a Finite Element Analysis (FEA), obtaining good experimental agreement with results measured 

with a membrane hydrophone [3]. 

 

   Calibration has therefore usually assumed that a previously validated calibration (whether 

experimentally or from a model) is still valid, even after a fiber has been re-cleaved. To address this 

concern, we previously proposed the use of a “Pulsed Check Source” (PCS) as a broadband check of 

the accuracy of an FOH, obtaining good experimental agreement between an FOH and a calibrated 

membrane hydrophone [3] when 8192 averages are performed to filter out noise from an Onda 

PCS-1000. Figure 2 shows a comparison of the deconvolved averaged FOH waveform to the 

membrane hydrophone. Fig. 3 shows the corresponding spectral comparison.  
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Figure 2 PCS waveform 

 

Figure 3 PCS Spectrum 

 

The present paper validates this concept further, with the following results:  

 comparison of the calibration-check from the pulsed source to a conventional swept-frequency 

substitution method of calibration  

 recent experimental measurements of the effective aperture from 2 to 15 MHz  

 recently compiled long-term stability data for a proposed implementation of the pulsed 

check-source 

2. Comparison Between PCS Measurement and Swept-Frequency Calibration 

Most conventional hydrophone calibration schemes employ pressure amplitudes that are relatively 

low for the typical FOH. The Onda HFO-690, for example, has sensitivity of around 7 mV/MPa and a 

noise equivalent pressure (NEP) of about 0.5 MPa for 100 MHz bandwidth. Calibration therefore 

requires extensive averaging and therefore good stability over time in a calibration setup. Recently, the 

sensitivity of an Onda HFO-690 was measured in Onda’s standard swept-frequency calibration setup, 

in the range of 1-20 MHz. The setup utilizes a 2.54 cm diameter F/10 broadband PVDF transducer, as 

described in [6]. The transducer was driven with a 60 micro-second tone-burst while the frequency was 

stepped from 1 MHz to 20 MHz in increments of 50 kHz. Pressures varied from approximately 40 kPa 

to 110 kPa throughout the frequency range. An Onda HMA0200 piezopolymer membrane hydrophone, 

which was calibrated at National Physical Laboratory (UK) was placed in the tank as a reference in 

order to determine the frequency-dependent sensitivity of the HFO-690, following procedures 

described in [7]. Fig. 4 shows a comparison between the swept-frequency calibration, the theoretical 

FEA-based calibration of the hydrophone, and the sensitivity prediction based on the pulsed check 

source following the method of [3] Excellent agreement was obtained between the three methods 

below 20 MHz, where the HMA calibration is expected to be most accurate. The discrepancies above 

20 MHz may be due to errors in the model, in the HMA calibration or in the PCS measurement (e.g., 

spatial averaging effects). It is planned to extend the range of conventional calibration of the HFO-690 

by using the harmonic comparison method per [7] with an unfocused source; hopefully this will 

provide insight into this question.  
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Figure 4: HFO-690 sensitivity from theoretical calibration compared to check with PCS, and to 

swept-frequency calibration 

3. Measurements of Directivity and Effective Aperture 

The setup used for swept-frequency calibration was also used to perform directivity measurements 

of the HFO-690. Results were previously reported in [8] and will therefore only be summarized here. 

Measurements were performed over +/- 90 degrees at 2.25, 3.5, 5, 7.5, 10, and 15 MHz. Several 

models were evaluated to find the effective radius aeff which best fit the data at each frequency. The 

first model evaluated was the standard “Jinc” function [7]:  

                         )sin(/))sin((2),( 1  effeffRB kakaJkD                        (2) 

which corresponds to a rigid baffle (RB) assumption for the fiber, and where θ = angle of incidence, k 

= 2π / λ, λ = wavelength, and aeff  = the effective radius of the hydrophone sensitive element. The 

value of aeff  was chosen by minimizing the mean square difference between the model and the data . 

As frequency increased, the best-fit result for aeff converged to the geometric radius of the fiber core 

(designated as ag and equal to 52.5 micro-meters). However, at lower frequencies aeff became much 

larger than ag for the RB model of Eq. (1).  Additional models were evaluated: (i) an “unbaffled model” 

(UB) where the standard Jinc function is multiplied by a factor of (1+cos(θ))/2 (ii) a “soft baffled” 

(SB) model where the Jinc function is multiplied by a factor of cos(θ) and (iii) a “rigid piston model” 

(RP), which is provided as an integral formula in [5] and was evaluated numerically. As shown in Fig. 

5, the RP model corresponds to a consistent effective radius close to the nominal value. It is expected 

that this is because it provides the most physically realistic representation of the boundary conditions.  
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Figure 5 – Effective radius based on fit to different directivity models 

4. Stability of the Pulsed Check Source 

 

Previous work [9] has summarized the short-term repeatability and stability of the PCS-1000 

pulsed check source. Temperature stability of output power is within 0.4% per deg C in the 19 deg C to 

25 deg C temperature range, and variations in hydrophone measurements are primarily due to 

variations in alignment, which typically result in a few percent of variation. 

Figure 6 shows the long-term stability of a PCS-1000, by plotting the output powers over ten years 

of time for a typical unit. Periodic measurements made with a radiation force balance (RFB) at Onda 

are shown, along with measurements at the German National Laboratory PTB. There is a long-term 

ageing effect on the order of one to two percent over the course of the first two to three years, which 

then slows down, although this trend is within measurement uncertainties.  

 

Figure 6 – Power output over time for a typical PCS-1000, with error bars 
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5. Conclusions  

 The results presented here further validate the theoretical model used to calibrate the HFO-690 

fiber-optic hydrophone. In addition, the PCS-1000 pulsed check source has been shown to provide a 

consistent, stable check for the HFO-690. 

Further work is planned to check the theoretical model by performing harmonic calibrations to 

higher frequencies. 
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ABSTRACT 

Extracorporeal Pressure Pulse Sources (EPPS) are in regular clinical use to treat a growing variety of tissue 
and pain therapy conditions. Since 1999, second-generation devices mostly using ballistic generation 
methods are available, often claiming to provide “radial shock waves”. A Chinese national standard from  
2015 describes few measurement methods for ballistic EPPS, mainly overall energy and impulse of the 
sources, but no field parameters. Up to now, no international standard for the characterization of the signals 
and the acoustic fields of EPPS is in place. Clinical trial reports of EPPS therapies reveal contradictory results, 
which seems connected to a lack of knowledge on the physical EPPS signal and field parameters. Even worse, 
measurements for the certification process are carried out according to the IEC standard 61846, which was 
originally developed for the characterization of focused shockwave-lithotripters. Aside from lacking the 
characteristics of physical shock waves, many of those parameters are not applicable or even misleading 
when used to characterize non-focused (“radial”) EPPS. As a result, there is a significant lack of knowledge 
how to relate reported parameters to observed tissue and health effects and how to apply the devices properly 
for optimum treatment results. This paper reports on the development of the international standard on acoustic 
EPPS measurements, IEC 63045. 

 
Keywords: Pressure Pulse, Biomedical Equipment, Standardization, Shockwave 

1. INTRODUCTION 
Extracorporeal Pressure Pulse Sources (EPPS) are in use in a variety of tissue and pain therapy 

applications, e.g. for the treatment of shoulder, heel spur and elbow pain, erectile dysfunction, cardiac 
pain, cellulitis etc. Today, a variety of second-generation devices, mostly using ballistic generation 
methods and claiming to provide “radial shock waves”, is available. Nevertheless, a review of the 
publications on the EPPS shows that neither the characteristics of the sound field nor the therapeutic 
effects in biological tissue are fully understood. Furthermore, clinical trial reports of EPPS therapies 
reveal contradictory results, mainly connected to a lack of knowledge on the physical properties of 
the pressure pulse EPPS field. As a proper measurement standard for unfocused EPPS devices is not 
in place, measurements for the certification process are carried out according to the IEC standard 
61846, which was originally developed for the characterization of focused shockwave-lithotripters. 
Many of the parameters standardized in IEC 61846 are not applicable or even misleading for the 
characterization of non-focused EPPS.  

A Chinese national standard YY 0950-2015 [1] describes measurement methods for ballistic EPPS 
driven by air pressure, and mainly overall energy and impulse of the sources, but no field parameters.  

This paper reports on the development of IEC 63045 [2], the international standard on acoustic EPPS 
measurements. 

2. PARAMETERS IN IEC 63045 

2.1 Background 

The IEC technical committee TC87 has the scope to create measurement standards for ultrasonic 
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instrumentation. Thus, IEC 63045 is designed as a measurement standard, where the main scope is to 
describe measurement parameters and methods how to measure them in a reliable and repeatable way.  
It is not intended to serve as a safety standard for pressure pulse therapy, this task may be assigned by 
an international voting to a different technical committee, IEC SC62D, which is responsible for the 
creation and maintenance of biomedical equipment safety standards. 

During the drafting of 63045, concerns were raised that “too many parameters were defined, which 
leads to a large number of required measurements”. It needs to be stressed that the intent of a 
measurement standard is to state definitions and measurement methods for all technical parameters 
which might be useful to characterize the parameters of a device according to best technical 
knowledge. This may also include requirements necessary to gain proper measurement results, e.g. 
the definition of minimal technical specifications for measurement probes and instruments and 
methods for calibrating those, material parameters and important construction details of test benches 
and consumables (like using degassed water), and minimal requirements for proper technical 
documentation of the results. In contrast, it is not intended to define which ones of the given 
parameters need to be measured. These requirements can be given in appropriate safety standards, or 
they need to be assessed during the development process of the device according to the rules of 
national and international regulations and standards, namely the medical device directives, usually 
pointing to the IEC 601 series of safety standards. It is usual practice, that the devices need to be 
approved by notified bodies and / or governmental authorities for the clinical use. The necessary steps 
also include a risk management process, which considers all possible hazards for the patient and the 
user. If no sufficient previous experience, e.g. documented by literature, is available, this risk 
management process may also require clinical studies. During this process, all parameters necessary 
to provide the safe use of the device needs to be stated by the manufacturers. IEC 63045 gives a firm 
base of the internationally accepted technical state-of-the art. 

2.2 Scope 

IEC 63045 is applicable to therapy equipment using or producing extracorporeally induced non-
focused or weakly focused mechanical energy (pressure pulses), where the pressure pulses are 
released as single events of duration up to25 microseconds. 

The application to therapy equipment using focused pressure pulse sources and to extracorporeal 
lithotripsy equipment (to which IEC 61846 is dedicated), or to therapy equipment using other acoustic 
waveforms like physiotherapy equipment, low intensity ultrasound equipment and HIFU / HITU 
equipment is not in the scope. 

IEC 63045 specifies measurable parameters which should be used in the declaration of the acoustic 
output of extracorporeal non-focused or weakly focused pressure pulse sources, and methods of 
measurement and characterization of the pressure field generated by non-focused or weakly focused 
pressure pulse equipment. 

The parameters do not – at the present time – allow quantitative statements to be made about clinical 
efficacy and possible hazard. Particularly it is not possible to make a statement about the limits for 
these effects. 

2.3 Pressure pulse sources 

Pressure pulse sources were originally developed for the extracorporeally induced disintegration of 
kidney stones. Since the first successful treatment in 1980 kidney lithotripsy is the standard treatment 
for a wide variety of stones. The first pressure pulse source used the electrohydraulic principle, which 
employs a spark gap, which is placed at one focus of an elliptical mirror. The stones to be treated are 
placed in the other focus of this mirror by ultrasound or x-ray imaging. Since 1984, electromagnetic 
sources are applied, which use a flat or cylindrical coil and a metal membrane, which is repelled by 
the interaction of a pulsed primary magnetic field created by the coil, and a secondary field in the 
membrane, generated by the eddy current due to the primary field. The third type of pressure pulse 
source employs large numbers of piezoelectric elements, which are arranged on a spherical surface, 
and emit an ultrasonic wave when excited by a high voltage impulse. In general, the first devices for 
pressure pulse (pain) therapy were smaller versions of the lithotripter sources, so the pressure pulse 
fields were generally focused. 

Since 1999, many devices on the market use the ballistic source technology, which is based on 
accelerating a projectile (e.g. of 30 g mass) in a tube of e.g. 20…30 mm length towards the rear side 
of a metallic block (e.g. …. g mass, typical diameter 6 to 15, up to 30 mm), which is called applicator 
[3] [4]. The other (front) side of the applicator is in contact with the patient. When the projectile hits 
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the rear side of the applicator, a longitudinal density wave propagates through the block and is 
transmitted at the front side into the patient. The manufacturers claimed that these sources were 
generating “radial” pressure pulses, thus implying that the devices were non-focused. Today, besides 
the ballistic source type, there are also non-focused or weakly focused designs for the “classical” 
electrohydraulic, electromagnetic or piezoelectric sources available. 

2.4 Non-focused, Weakly Focused and Focused Fields 

In this paper, only a few aspects shall be discussed in detail, starting with the definitions of focusing.  
“In a non-focused pressure pulse field, the pressure pulse amplitude in the field is nowhere larger 

than the peak-positive pressure pulse amplitude at any place at the source aperture, and the pressure 
pulse amplitude is decreasing with increasing distance from the source aperture…” (Fig. 1a; 4a). “…in 
a weakly focused pressure pulse field, a local acoustic pressure maximum occurs, which has an 
amplitude less than the peak-positive pressure amplitude at the source aperture” (Fig. 1b,c; 4b,c).  

“In a focused pressure pulse field, a beam pressure maximum point occurs, which is more distant 
from the source aperture than the beam pressure maximum -6 dB extent. In a focused pressure pulse 
field, the pressure pulse amplitude adjacent to the beam pressure maximum is larger than the pressure 
pulse amplitude at any place at the source aperture” [2].  

 
Figure 1: a) unfocused field,  b) c) weakly focused fields  

(drawings start 19 mm from applicator), source aperture at +20 mm 

2.5 Applicator, Source Aperture, Measurement Center Point and Target Location 

The concept of the source aperture enables the unambiguous application of all definitions of 63045, 
independent from the physical nature and the mechanical construction of the source (e.g. ballistic, 
electrohydraulic, electromagnetic, piezoelectric etc.). 

     

Figure 2: Left: Applicator, directly coupled to the patient. Right: Pressure pulse source, distant from the patient, 1 - source 

aperture, 2 - source aperture width Dx, 3 - source aperture width, orthogonal Dy, 4 - measurement center point O where (x, y, 

z) = (0, 0, 0), 5 - beam axis (z), 6 - pressure pulse source, 7 - acoustic standoff, e.g. coupling pad or water [2] 
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The source aperture is not necessarily the front of the applicator, it is the area where the wave 

propagates into the patient. It is characterized by its width in both directions x- and y- perpendicular 
to the beam axis z (Fig. 2). Depending on the design of the source, there may be a fluid filled space 
or another coupling means between the source emitting the pressure pulses and the source aperture. 
The center-of-mass of the source aperture is the measurement center point, which is the origin of the 
coordinate system used to describe positions inside the pressure pulse field. The z-axis is 
perpendicular to the source aperture at the measurement center point, x- and y- axes are orthogonal to 
the z-axis. 

For each intended therapy, the target location describes the location in space of the biological tissue 
to be treated2. It differs depending on the therapy (e.g. superficial structures like tendons, or deeper 
positions like trigger points etc.), but also on the size and body mass of the patient. The manufacturer 
shall state the intended target locations as three-dimensional position vectors relative to the 
measurement center point. 

2.6 Pulse and Field Parameters 

For the description of focused sources (IEC 61846) many field parameters were linked to the peak 
positive pressure at the focus3. In a weakly focused field, there is a local maximum (called beam 
pressure maximum) lower than the peak pressure at the source, which defines the beam pressure 
maximum point. In the field of an unfocused source, the beam pressure maximum point is located at 
the source aperture and is usually identical to the measurement center point.  

In order to give the user reliable knowledge on the possible locations of intended and unintended 
effects, both area and beam widths in x- and y- as well as beam extensions in the z- directions need 
to be stated. Up today, the correlation between physical values (e.g. positive pressure pc, rarefactional 
pressure pr, “energy flux density” or derived pulse intensity integral PII etc.) and the observed 
biomedical effects is not commonly known. IEC 63045 calls upon manufacturers to define and 
communicate limits of regions by an appropriate risk assessment process, which may e.g. be based on 
literature or own clinical studies. Limits can be defined based on absolute values (e.g. n MPa, n 
mJ/mm² etc.) or relative values (e.g. –n dB relative to the beam pressure maximum etc.). These values 
then are used to describe the boundaries and positions of relevant areas and volumes and calculate the 
respective beam extents, areas, or energies.  

If a calculation requires time limits for integration, the same procedure for the definition of limit 
values is used (positive temporal MPa threshold integration limits, total temporal MPa threshold 
integration limits etc.). Other parameters are based on commonly established scientific definitions, 
e.g. rise time (10%...90%).   

                        

Figure 3: Dry test bench, including: Hydrophone and tissue-mimicking pad chamber, hand-piece holder, rear holder including 

(adjustable) retention-force spring, are fixed to a base plate [2] 

                                                        
2 Usually the position of the target tissue’s center-of-mass if larger areas are treated 
3 Since the first standard IEC 61846 on the measurement of pressure pulse parameters was published, a 
constant point of discussion was the large uncertainty of those parameters directly linked to the peak focus 
pressure. This uncertainty both is heavily influenced by source fluctuations (Pulse-to-pulse variation) and 
positional errors of the focus determination. 
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2.7 Test Benches and Measurement Conditions 

Measurements of the pressure pulse temporal (Table 1) and field parameters (Tables 2, 3) mostly 
require a water tank, filled with degassed water. A well-known problem of high intensity sources 
measurements in water is the development of cavitation, which makes measurements at higher repeat 
rates prone to error. As the EPPS devices for pain therapy are working at pulse repeat rates of more 
than 2 to 20 per second, important parameters like the pulse-to-pulse stability cannot be measured 
reliably in water. Therefore IEC 63045 also proposes a dry test bench for some measurements (Fig. 
3). It can also be used as a quick measurement tool for quality control and service. With the dry test 
bench, measurements on the beam axis at a fixed distance from the source aperture can be made at 
higher pulse-repetition rates. Parameters which can be measured in the dry test bench are given in 
Table 1, where Lp is the thickness of a silicon pad mimicking patient tissue. Lp should be 5 mm, which 
was chosen as typical measurement distance from the source aperture. 

 

Table 1 – Temporal pressure pulse parameters [2] (Figure 6) 

Parameter 
Water 

measurement 

Dry test bench 

measurement 

Unfoc. 

Source  

WeakF

Source  
Unit 

Instantaneous acoustic pressure p (x,y,z,t) p(0,0,Lp,t) Fig. 6a Fig. 6c MPa,μs 

peak-positive acoustic pressure pc(x,y,z) pc(0,0,Lp) 13 11 MPa 

peak-negative acoustic pressure pr(x,y,z) pr(0,0,Lp) -11 -11 MPa 

compressional pulse duration tFWHMpc(x,y,z) tFWHMpc(0,0,Lp) 0,74 0,66 μs 

rise time tr(x,y,z) tr(0,0,Lp) 0,46 0,52 μs 

pulse-pressure-squared integral ppsi(x,y,z,t) ppsi(0,0,Lp) -  -  MPa²s 

(derived) instantaneous intensity pi(x,y,z,t) I(0,0,Lp,t) Fig. 6a Fig. 6c mW/mm² 

derived pulse-intensity integral PII(x,y) PII(x,y,Lp) 0,4 0,31 mJ/mm² 

 
In the water tank, all pressure pulse (see Table 1) and field parameters (see Table 2) can be measured 

at single pulse setting with sufficient pauses between pulses to allow for complete cavitation recess.  
The integrated parameters relating to intensity at any position (x,y,z) are calculated from the 

measured pressure-time signal p(t) The temporal limits T over which integration is performed shall be 
stated and can be either the duration of the positive signal tPt,lim, the total signal duration tTot,lim (used 
in the PII in Table 1), or signal durations delimited by n MPa threshold tPtnMPa,lim or tTot,nMPa,lim.  

From these parameters the energy parameters in the field (Tables 2,3; Fig. 5) can be calculated.  
Beam areas, volumes and extents are stated either as -n dB re. beam pressure maximum value at the 

indexed z position, or as isobar values based on n MPa limits. The choice of appropriate values for n 
is left to the risk analysis of the manufacturer. Besides a required position of z = 5 mm, other z 
positions can be chosen depending on different target locations. 

3. APPLYING THE PARAMETERS  

3.1 Materials and methods 

In order to demonstrate how to derive the parameters from a practical measurement, a ballistic 
pressure pulse source was simulated using MatLab® and the k-Wave toolbox [5]. This allows the 
creation of a hypothetical EPPS with a 13 mm diameter applicator, independent of actual 
manufacturers. From the simulations, parameters were retrieved as from a real source. In order to 
mimic real measurements as close as possible, pressure-time signals were calculated at pre-defined 
positions in the pressure pulse field, i.e. at 1 and 5 mm from the source aperture. As replacement for 
the mechanical projectile, a velocity signal shaped as exponentially decaying sinusoid was generated 
at the rear end of the applicator. During the simulation runs, the propagation of waves in the simulated 
fluid can be observed as a video.  

As weakly focused fields, strictly speaking, do not have a focus, but local maxima, there is an 
equivalent parameter “beam pressure maximum”, for weakly focusing sources only (Table 3) 
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Table 2 – Parameters for non-focused and weakly focused fields [2] (Figures 1a,1c,4a,4c,5) 

Parameter Symbol Comment 
Unfoc. 

Source  

WeakF 

Source  
Unit 

beam -n dB cross-
sectional area 

Az,ndB 
-n dB re.beam pressure, 

n=6dB, z=5mm 
 

162 
 

88 mm² 

beam -n dB extent zb,ndB  
maximum value at x=0 

(see Fig. 4)  
~ 60 ~ 60 mm 

beam -n dB volume Vb,ndB -n dB re. b.press n=6dB 9720 4999 mm³ 

beam -n dB width, 
maximum 

wmax,x,z,ndB  
largest -6dB  z= 5mm: 
largest -6dB z= 15mm: 

14,4 
10,5 

10,3 
- mm 

beam -n dB width, 
orthogonal 

wmax,y,z,ndB 
orth. -6dB z= 5mm: 
orth. -6dB z= 15mm: 

14,4 
10,5 

9,0 
- mm 

beam isobar cross-
sectional area 

AnMPa,z 
 n MPa delimited,  

z=5, n=6 
98,5 95 mm² 

beam isobar extent zbe,nMPa  n MPa delimited, n=6 52 n.a. mm 

beam isobar volume Vb,nMPa n MPa delimited n=6 5123 n.a. mm³ 

beam isobar width, 
maximum 

wmax,x,z,nMPa 
n MPa isobar delimited, 
largest extent, z=5, n=6 

11,2 11,0 mm 

beam isobar width, 
maximum 

wmax,x,z,nMPa 
n MPa isobar delimited, 
largest extent, z=5, n=2 

 13,4 mm 

beam isobar width, 
orthogonal 

wmax,y,z,nMPa  n MPa isobar delim n=6 11,2 11,0 mm 

derived acoustic pulse 
energy4 

ER 
PII integrated over 

radius R (R=20, z=5) 
12 14 mJ 

 

Table 3 – Additional parameters for weakly focused fields and equivalences to focused fields [2]  

(Figures 1c, 4c, 5b) 

Parameter weakly focused5 Weakly Foc. Unit Focused sources 

beam pressure maximum point (bpm) (0,0,17,5) mm focus 

beam pressure maximum … extent  
(here: only 9,8 MPa, see Fig. 4c) 

33,2 mm focal extent 

beam pressure max… cross-
sectional area at6 z (here: 
zbpm=17,5mm)  

-6dB: 71 
9,8MPa:27 
6MPa: 64 
2MPa: 230 

mm² focal cross-sectional area 

beam pressure maximum … volume 9,8MPa:907  mm³ focal volume 

beam pressure maximum … width, 
maximum (here: zbpm=17,5mm) 

-6dB: 9,5 
9,8MPa:5,9 
6MPa: 9,0 
2MPa:17,1 

mm focal width, maximum 

bpm … width, orthogonal Dto. mm focal width, orthogonal 

derived beam –n dB pressure 
maximum acoustic pulse energy7 
Ebpm,-ndB         (here: n=-6dB) 

12,5 mJ focal energy in FWHM 

                                                        
4 S is a circular cross-sectional area of radius R around a z position on the beam axis 
5 The “…” stands for n MPa or –n dB 
6 (0,0,z) is the coordinate of the beam pressure maximum point on the beam axis 
7 Derived from the beam pressure maximum –n dB cross-sectional area 
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4. RESULTS 
Results of the simulations are shown in the Figures 1 and 2. Tables 1 to 3 contain the values derived 

from the simulated measurements. 

       

Figure 4: Axial distributions of simulated ballistic sources with 13 mm source aperture  

a) unfocused field, b), c) weakly focused fields (drawings start at applicator), source aperture (0,0,0) at +21 mm 

   
 

a) unfocused field at z = Lp = 5 mm and 15 mm, pressure distributions, and PII and energy ER at z = 1 mm and z = Lp = 5 mm  

   

b) weakly focused field, z=Lp=5 and zbpm=17 mm, pressure and PII distributions and energy ER 

Figure 5: Lateral distributions , z=Lp=5 mm and z2 mm from source aperture  

      

Figure 6: Pressure signals on axis: a) unfocused source signal at z = Lp = 5 mm; b) unfocused source signal at  z = 15 mm; 

c) weakly focused source signal at z = Lp = 5 mm distance from source aperture 

                                   

Figure 7: Measured pressure pulse signal of an unfocused EPPS, at z = Lp = 5 mm (from [4]) 
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5. CONCLUSIONS 
The standard IEC 63045 is intended to cover today’s state-of-scientific measurement methods and 

parameters for unfocused and weakly focused pressure pulse sources. It could be shown by the 
application to simulated sources, that the parameters can be applied both to unfocused and to weakly 
focused EPPS sources.  

The simulation of the sources with k-Wave was chosen to check the applicability of the draft standard 
IEC 63045, independent from any commercial products. Figure 7 proves the close similarity of the 
simulated pressure pulse p(t) signals to measured signals at 5 mm from the source aperture from a 15 
mm diameter ballistic EPPS [4] with three different types of hydrophones: fiberoptic, light spot and 
piezoelectric. 

Once introduced, IEC 63045 will likely serve as a flexible basis for reliable, traceable reporting of 
the properties and fields of biomedical pressure pulse equipment to notified bodies, customers, users 
and researchers. It can be expected that, based on these parameters, the knowledge about the links and 
correlations between physical parameters, and the observed biomedical effects can be further clarified. 
This will lead to more dependable and reproducible therapy results and further new, efficient 
applications of pressure pulses.  
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ABSTRACT 
The main goal of external beam radiotherapy (EBRT) is to damage all cancer cells in a tumour in such a 
way as to stop their proliferation. Unfortunately, normal tissue toxicity can severely limit doses used, and 
thus it is useful to combine EBRT with other treatments. An interesting approach to improving local 
tumour control is to combine EBRT with hyperthermia (HT). The cell sensitisation induced by the heat is 
not completely understood, however evidence suggests that it impairs cellular DNA repair, thus rendering 
radiation damage more lethal. During hyperthermia treatments the temperature distribution generated is 
crucial. High Intensity Therapeutic Ultrasound (HITU) provides superior control of energy deposition, and 
thus can increase the tumour temperature to the target level homogenously. One of the main goals in the 
Radiotherapy coupled with Hyperthermia (RaCHy) project is therefore to improve the efficacy, safety and 
range of applicability of clinical HITU treatments by providing validated methods for ultrasonic field 
characterization, HITU system performance testing, quality assurance and patient exposure monitoring. 
The RaCHy project will address both the basic calibration and specification of equipment ( and in 
particular characterisation of the acoustic pressure and temperature distribution in water and in-vitro and 
in-vivo experiments). 
 
Keywords: External beam radiotherapy, EBRT, HITU, Ultrasound, Hyperthermia 

1. INTRODUCTION 
Cancer is responsible for just over 1.3 million deaths in the European Union per year. With the 

aging population, the incidence of cancer is rising. Furthermore, while cancer accounts for 22% of 
all deaths for those over 65, this figure grows to 38% for people younger than 65 and is the leading 
cause of premature death in 28 of the 53 regions in the Europe. Even though the current treatments 
available for cancer have improved response they have not improved the survival of patients, 
particularly of those diagnosed with advanced tumours. There is a need for integrated approaches, 

                                                        
1 g.durando@inrim.it 
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combining different expertise from different fields, to try to find innovative strategies able to 
significantly improve the outcome of cancer treatments, yet limiting the side effects. 

Radiotherapy is one of the frontline treatments for cancer with about 50% of people with cancer 
having radiotherapy as part of their treatment, as stated by recent survey of ESTRO (European 
Society for Radiotherapy and Oncology) and HERO (Health Economics in Radiation Oncology). 
Radiotherapy uses radiation to kill cancer cells by damaging their DNA, either directly or by creating 
charged particles (free radicals) within the cells that can in turn damage the DNA. 

In order to reduce the side effects, or to escalate the biological effects related to radiotherapy, 
multimodality techniques such as combination with hyperthermia have been shown to be effective 
through suppressing DNA repair mechanisms. However, clinical uptake has been hampered by lack 
of precision in treatment delivery and monitoring. The proposed strategy may also be a valuable 
alternative to chemoradiotherapy for advanced stage cancer patients for whom chemotherapy is 
contraindicated. 

The main aims of EURAMET 18HLT06 - RaCHy - project are to demonstrate experimentally how 
the use of different sources to generate hyperthermia, combined with radiotherapy, could result in a 
successful treatment of the whole tumour. This approach requires detailed knowledge of temporal 
and spatial distributions of temperature increase and radiation dose during the treatment. 

2. EURAMET EMPIR 18HLT06 -RaCHy- PROJECT 

2.1 Project overview 
Preclinical experiments have shown that the sensitising effects of heat are greatest when radiation 

delivery and heating are delivered at the same time, and that efficacy decreases as the time between 
the two increases. Recent in-vitro cell survival data (1) have described combination treatments as a 
function of radiation dose, heating temperature and duration, whereas other studies focus on 
quantification of the influence of treatment order and timing.  

Combinations of hyperthermia with radiation are difficult to study in-vitro, although progress has 
been made on designing dedicated experimental set-ups. Also, combination treatments of partial 
HITU exposure with RT show promising results in-vivo. However, for both studies (in-vitro and 
in-vivo) quantification of the observed biological effects as a function of exposure conditions is still 
limited by the lack of dosimetric measures. An empirical cell survival model describing radiotherapy 
in combination with hyperthermia has recently been proposed and tested for two cells lines, with the 
objective of better quantifying heat induced radio-sensitization and thermal dose. There are a number 
of factors which are thought to contribute to the enhanced efficacy of radiotherapy and hyperthermia: 
inhibition of DNA repair mechanisms, immune stimulation, induction of cell death, changes to local 
perfusion environment etc. (2). For these reasons timing of radiotherapy and hyperthermia and 
temporal spatial distributions of temperature are crucial. Depending on the tissue (normal vs. 
tumour) the treatment order may affect the biological response with a further option to widen the 
therapeutic window. 

2.2 Scientific objectives 
The overall objective of the 18HLT06 RaCHy project is to develop the metrological framework and 

measurement techniques that underpin the adoption of combined therapies (radiotherapy and 
hyperthermia). The scientific objectives of the project are: 

To determine the suitability of methods of hyperthermia for use with radiotherapy. 2D and 3D 
measurement set-ups, and validated modelling tools, will be developed to estimate the spatial-temporal 
distribution of energy deposition and temperature increase in in-vitro cellular systems. The target 
uncertainty of the in-vitro determination of the temperature increase should be < 10 %. 

To extend the assessment of the spatial-temporal distribution of energy, deposited from radiotherapy 
and hyperthermia, and of the related temperature increase, to in-vivo systems. In addition, to demonstrate 
the repeatable and controllable clinical use of the hyperthermia methods in in-vivo experiments, in order to 
guarantee treatments with a temperature distribution from 37 °C to 50 °C and a target fractional uncertainty 
below 15 %. Radiation dosimetry should also be demonstrated to have clinically fractional uncertainties 
less than 5 %. In-silico models will be adopted to estimate the ability of numerical dosimetry to predict 
temperature increases in complex anatomical models to within a fractional uncertainty of less than 10 %. 

To extend existing and to develop new measurement methods for accurately assessing the 
spatial-temporal radiation-field characteristics that are relevant for the combined radiotherapy/hyperthermia 
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modalities, including radioactive magnetic nanoparticles for simultaneous radiation and heating. This 
should focus on the translation of pre-clinical results into future clinical practice. 

To exploit and quantify the biological effects of coupling hyperthermia techniques with radiotherapy. In 
addition, to quantify the biological effects of dose reduction by performing in-vivo experiments that result 
in the same therapeutic outcome with and without dose reduction. The role of control parameters, such as 
energy deposition in tissues, radiation dose and duration of the hyperthermia and/or radiation treatment, 
should also be quantified. 

2.3 Consortium 
The consortium brings together 5 European National Metrological Institute, NMIs, 1 university, 1 

health institute, 3 hospitals, 1 manufacturer. NMIs ensure that the methods and measurements are 
correctly and adequately characterised, see Figure 1. 

 
Figure 1. RaCHy Consortium 

There are three partner categories: 
Internal Funded Partner: National Metrological Institute (NMI) 

INRIM   Istituto Nazionale di Ricerca Metrologica (Italy) 
NPL   National Physical Laboratory (United Kingdom) 
PTB   Physikalisch-Technische Bundesanstalt (Germany) 
TUBITAK  TÜBİTAK UME Turkish National Metrology Institute (Turkey) 
VSL   Dutch National Metrology Institute (Netherland) 

External Funded Partner 
ERASMUS MC Erasmus University Medical Center (Netherland) 
ICR   The Institute of Cancer Research (United Kingom) 
ISS   Istituto Superiore di Sanità (Italy) 
OSR   Ospedale San Raffaele S.R.L. (Italy) 
TU Delft  Delft University of Technology (Netherland) 

Unfunded Partner 
VSPARTICLE VSPARTICLE B.V. (Netherland) 

The partners have experience and facilities, for the entire process of definition of scenarios, 
identification of critical parameters and required uncertainty, variability of operating conditions, 
selection of most significant configurations, especially for verification and validation of simulation 
models and results. The consortium has excellent links with standardisation bodies and end-users. 
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3. RADIOTHERAPY COUPLED WITH HYPERTHERMIA MEDIATED BY HITU 

3.1 Radiotherapy coupled with HITU treatment 
The direct experience with HITU for treating, for palliative purposes, bone metastases (3), led us 

to consider that the best way to do Radiotherapy is in combination with focused ultrasound. 
In principle, if a tumor (of limited dimensions) were embedded in a homogeneous, water 

equivalent medium, the advantage of HITU would be so obvious (after ablation no malignant cells 
could survive) that we would not need the EBRT help. But the human body is a highly 
inhomogeneous medium and tumors are not homogeneous water equivalent media, and so HITU 
alone is not sufficient for treating, in particular, invasive local metastatic disease. The 
inhomogeneous tissues and organs surrounding a tumor mean that HITU has severe limitations due 
to: 

(i) Absorption and scattering by bone; 
(ii) Reflection by air; 
(iii) The need to avoid/protect nerves and major vessels in the US beam path. 

The treatment of larger volumes by starting with HITU ablation for debulking in the surgical 
sense and then EBRT, possibly with a reduced radiation dose, would be a suitable indication for 
EBRT plus HITU. That would reduce the ionizing radiation burden for treating large volumes. We 
will apply two techniques: 

(i) Homogeneous treatment, with radiotherapy coupled with the whole tumor, or 
(ii) Treatment with the addition of an ablative procedure in hypoxic regions. 

This latter treatment is suggested when a significant hypoxic region is suspected. For this kind of 
experiment, HITU provides an ideal method giving the capability of effectively monitoring in near 
real time the distribution of the temperature field, see Figure 2. 
 

 
Figure 2. Radiotherapy coupled with hyperthermia mediated by HITU 

3.2 Fast HITU Hyperthermia, FHH 
The Sapareto equation, describes the equivalence between time and temperature for the same 

effect of cell killing with heat, without the possible synergistic effects (4). The relationship that links 
temperature, T, and time, t, is:  

 

𝑇!" 𝑥, 𝑦, 𝑧 = 𝑅(
!"°!!! !,!,!,!

!°! )
!!"#$%

!
𝑑𝑡   where:  𝑅 =

0.25  𝑇 𝑥, 𝑦, 𝑧, 𝑡 ≤ 43 °C 
0.50  𝑇 𝑥, 𝑦, 𝑧, 𝑡 > 43 °C  (1) 
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This means that, for T > 43 °C an increase of 1 °C of temperature is equivalent to reducing the 
exposure time by half. It has been verified that many living entities (cells, tissues) are completely 
“ablated” (protein denaturation, small vessels coagulation, cell inactivation) when they are exposed 
to a heat exposure of 240 min at 43 °C. The quantity T43 is called Thermal Dose (TD), or ,as the 
dimension of it is time, Thermally Equivalent Time (TET) (5,6). 

Clinical Hyperthermia is administered to the patient (after EBRT treatment) by warming the 
region of interest to 42-43 ° C for 60-100 min, providing roughly a TD of about 0.25-0.30. We 
propose that FHH treatments could provide good results, by administering a thermal dose of 0.375 
TD, corresponding to a Surviving Fraction (SF) of about 0.01 in the Sapareto survival curve (4). 

3.3 Hyperthermia corrected Biological Equivalent Dose, BED 
The Biological Equivalent Dose, BED, concept is very well recognised for radiotherapy and is 

based on its ability to carefully represent the expected biological effects of radiation. The growing 
interest in multimodality therapies combining hyperthermia and ionizing radiation is expected to 
extend this concept to include the synergistic effect of heat on the radiation-induced biological effect. 
To this aim, it is important to carefully measure the biological effect of EBRT coupled with 
hyperthermia mediated by HITU and to compare it to the case of ionizing radiation delivery without 
heat. This enables the quantification of a dose modifying factor (named KHeat) taking into account the 
synergic effect of hyperthermia. The parameter KHeat is expected to be a complex function of a 
number of factors including the local temperature, the way heating is generated and delivered with 
respect to ionizing radiation, the heating duration, the temperature distribution (homogeneous or 
heterogeneous) within the tumor or the considered organ, the physical and biological characteristics 
of the tissue, the radiation dose, dose rate and fractionation, etc. 

4. CONCLUSIONS 
As is clear from Figure 2, the proposed protocol, Radiotherapy combined with Hyperthermia, 

easily outperforms the traditional ones; it leads to low survival of tumor cells and a long offset time 
such that the patient is effectively cured. In order to maximize the synergistic effects, the two 
treatments, HITU and EBRT, should be applied at the same time or within a maximum10 min 
interval. For this reason, it could be necessary to develop a new integrated device, including 
real-time echography and CT imaging. 
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Abstract
Parametric array speakers can deliver an audible sound beam by modulating sound using an ultrasonic carrier
wave and playing this modulated signal from an ultrasonic transducer array at high levels. Audible sound is
demodulated in a narrow beam due to the nonlinear aerial transfer characteristics. However, if sound can be
delivered within a small region, i. e., within a spot, sound can be delivered only to the intended subject, and
avoid leakage to others. This is partially possible by generating the carrier wave and the sideband signal of the
modulated signal from separate arrays, resulting in the full demodulation of an audible sound at the intersection
of the two beams. However, we found that some audible noise was generated through demodulation of the
sideband signal. We observed that the level of this noise is proportional to the relative frequency difference
within the sideband signal. Thus, we divided the sideband signal into several sub-bands, limiting the frequency
range of each sub-band, and generated them from separate arrays, intersecting only at the spotlight. By using
5 sub-bands, it was possible to limit the spotlight to an effective volume of 0.2 m by 0.2 m by 0.2 m, while the
audible noise of the surrounding region was reduced to 20 dB lower levels.
Keywords: Parametric speaker, Audio spotlight, Subdivided sideband

1 INTRODUCTION
Parametric array loudspeakers (PALs) have been studied as a source for a highly-directional audio signal using
an array of ultrasonic transducers generating ultrasonic carrier waves modulated using audible sound signals
[1, 2]. The ultrasonic signals are produced at high levels, at which the propagation through the air exhibits
non-linear characteristics. This, in turn, demodulates the signal and regenerates the audible sound which was
used to modulate the ultrasonic carrier waves. Due to the highly directional propagation characteristics of
ultrasonic waves, the demodulated audible waves also exhibit highly directional characteristics, i.e., sound beams
are created.
Parametric array speakers have become commercially available as products from several vendors, including
American Technology Corp. and Mitsubishi Electric Engineering Co. [3]. It has been applied to some ap-
plications, such as for the audio introduction of exhibits at a gallery or a museum, or to play music and sound
effect in a gaming booth [4].
These applications were designed so that only the listeners within the sound beam would be able to hear
the sound, and all others would not be disturbed. However, if an unintended listener is within the range of
the sound beam, they would also be exposed to the audio signal. Thus, in some applications, it would be
preferable that audible sound is reproduced only within a limited region, not within a beam. For example,
it would be preferable to limit the audible range to only around the intended listener if the content includes
sensitive information regarding the listener, i.e., financial or medical information.
Accordingly, Matsui et al. have proposed the creation of an audio spot using parametric speakers by separating
the carrier waves from the modulated sideband signals, and generating them from separate parametric speakers,
crossing at the audio spot where the audible sound is to be generated [5]. Their idea was that since the carrier
and the sideband signal coexist only at the audio spot, the audible sound is created only at this location.
We found that audible sound is reproduced at the spot using separate parametric speakers, as proposed by
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Matsui et al. However, as will be described in the next section, we found that considerable audible noise is
also generated outside the spot, which is clearly not desirable. In the next section, we study the nature of the
mechanism in which this noise is generated.

2 PROBLEM FORMULATION: AUDIBLE SOUND OUTSIDE THE AUDIO SPOT
As stated in the previous section, we attempted to separate the carrier signal from the sideband signal, and
generated signals from two separate parametric arrays. We found that audible signal was reproduced at the
intersecting spot, as intended. However, we also found that some noise was generated from the parametric
array generating the sideband signal. On the other hand, no noise was apparently generated from the parametric
speaker generating the carrier wave.
We observed that noise is generated by generating sideband signals with multiple frequency components. No
noise is played out when the sideband consists of a single frequency signal (tone). This should give us a clue
as to the mechanism from which the noise is generated from sideband signals.
Berktay defined a simplified expression that can be used to predict far-field array response on the propagating
axis [6]. It is stated here that the demodulated waveform along the axis of propagation is proportional to the
second time-derivative of the square of the envelope of the primary signal.
The secondary wave can be given as:

p2 ∝ P2
0

∂ 2

∂ t2 E2(t) (1)

where P0 is the initial carrier SPL, and E(t) is the modulation envelope function. We assume that two tonal
signals with frequencies f1 and f2 are modulated with an ultrasonic carrier wave with a frequency of fc. We
assume that we take only the lower sideband of the modulated signal. The modulated signal, excluding the
carrier signal, can be simplified as follows.

sin( fc− f1)t + sin( fc− f2)t

≈ 2sin fct · cos
f2− f1

2
t

= 2E(t)sin( fct)

(2)

Then,

E(t) = 2cos
f2− f1

2
t (3)

E2(t) = 2{1+ cos( f2− f1)t} (4)

∂ 2

∂ t2 E2(t) =−2( f2− f1)
2cos( f2− f1)t (5)

Thus, the demodulated signal is audible only if the frequency difference of the two tonal signals, f2− f1 is
within the audible range. Also, the amplitude of the demodulated signal is proportional to the square of the
frequency difference. Therefore, if we can keep the frequency difference that is generated from a PAL small
enough, the amplitude of the demodulated signal can be kept small. For audible signals with more frequency
components, this can be accomplished by subdividing the modulated signal into small bandwidths, and sepa-
rately generating each bandwidth signal from separate PALs.
We shall explore this solution in the next section.
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Figure 1. Arrangement of PAL for subdivided sideband delivery experiments

3 AUDIO SPOTLIGHT USING SUBDIVIDED SIDEBAND DELIVERY FROM MULTI-
PLE SPEAKERS

As described in the previous section, we propose to divide the sideband signal, including the carrier, into small
sub-bands, and output each sub-band from separate PALs in order to reduce the unintended audible noise output
from each PAL. Thus, the more sub-bands we divide the sideband signal into, the narrower the frequency range
of each sub-band to be output from each PAL, and consequently, the smaller the audible noise generated from
each PAL. The output from all PAL is to intersect at the intended audio spot, where the audible signal is
regenerated. In principle, the smaller the volume of this intersection, the smaller the size of the audio spot will
be. Even a partial overlap of the sub-band signal will result in a wider frequency distribution, thereby increasing
the level of the potentially regenerated audible noise. Thus, the placement of the PALs should be arranged so
that the intersection of the ultrasonic beams output from the PALs outside the intended audio spot is kept to a
minimum.
In the next section, we will conduct experiments to find out the effect of the number of sub-bands, i.e., the
bandwidth of the sub-bands, will have on the generated noise levels, as well as its effect on the generated audio
signal at the audio spot.

4 EXPERIMENTAL CONDITIONS
4.1 PAL and its placement
All PALs used in these experiments were 140 by 180 mm2 boards with 100 air ultrasonic ceramic transducers
(PROWAVE 400ST160). The modulated signals were created on a computer at a sampling frequency of 192
kHz. The modulated signal was generated, single sideband extracted and split into sub-bands using filters. Each
sub-band signal was D/A converted, amplified, and fed to the PALs.
The PAL generating the sub-band signals need to be carefully placed around the intended audio spot in order
to deliver each sub-band with minimum intersecting volume. We decided to locate the audio spot in the center
position of a cube with a dimension of 1ṁ by 1 m by 1 m. We decided to place five PALs surrounding this
cubic area as shown in Fig. 1. As shown in this figure, PALs I through III can be placed perpendicular to each
other on the x−, y−, and the z−plane, respectively. We decided to locate PALs IV and V facing 45 degrees
downwards towards the audio spot, as shown in the figure. All PALs were placed 0.5 m from the audio spot.
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Figure 2. Power spectrum density of the test signal

4.2 Test signal
The test signal was an amplitude modulated single sideband signal as shown in Fig. 2. The modulation signal
was a combination of 19 tonal signals, from 200 Hz to 3.8 kHz, each 200 Hz apart. The carrier signal was a
40 kHz sinusoidal signal. From this modulated signal, the upper side-band was attenuated using a low-pass filter,
resulting in a signal consisting of only the lower side-band. Thus, the modulated signal included 20 sinusoidal
signals, from 36.2 to 40.0 kHz. This signal was split into equal-size sub-bands, from one to 5. For example, for
2 sub-bands, the signal was split into a sub-band with 2 kHz bandwidths. We also included a condition where
the sideband signal was generated from a single PAL with no subdivisions. Obviously, in this case, the audible
sound will be generated in a beam, as a conventional parametric speaker.
To generate a sideband signal with no subdivision, only PAL I was used. In the case with one division (2
sub-bands), PALs I and II were used, for 2 divisions (3 sub-bands), I, II and III, for 3 divisions (4 sub-bands),
I, through IV, and for 4 divisions (5 sub-bands), I, through V was used, respectively.

4.3 Reproduced sound level measurement
The auditory sound level was measured at each grid point within the 1 m by 1 m by 1 m cube, 0.1 m apart, using
a sound level meter. Measurements were conducted in a sound-proof room with acoustically treated walls.

5 RESULTS AND DISCUSSIONS
5.1 Formulation of the audio spotlight
Fig. 3 shows the auditory signal level measurements when the signal is not divided, and output from a single
PAL, while Figs. 4 to 7 show the level measurements when the signal is divided into 2, 3, 4 and 5 sub-bands
and output from 2 to 5 PALs, respectively.
Fig. 3 shows the auditory signal is generated in a beam, i. e., high levels of the auditory signal are concentrated
in the center of each slice. A similar pattern is shown in Fig. 4, but with slightly higher levels in the slice at
x = 0.4 m. However, for other Figs., with subdivisions of the sideband greater than one (2 to 5 sub-bands), a
clear concentration of the generated level at the center portion, especially at the slice at x = 0.4 can be seen, i.
e., an audio spot can be observed. The level concentration at the audio spot is greater with more subdivisions,
although the high level concentration is not significantly different for Figs. 6 and 7.

5.2 Audio spot size
Fig. 8 shows the output level with 4 subdivisions (5 sub-bands), sliced at x=0.5 m, y=0.5 m, and z=0.5 m,
respectively. With 4 subdivisions, the audio spot, at which an SPL of more than 60 dB was observed, was a
cubic volume with a dimension of 0.2 m by 0.2 m by 0.2 m. The level surrounding this spot was at least 10 dB
lower than the level inside the spot. Thus, by subdividing the sub-band signal into more than 4 sub-bands, we
were able to create an audio spot where the reproduced audio signal level is clearly higher than its surrounding
regions.
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Figure 3. Output level with no subdivision of sideband

Figure 4. Output level with one subdivision (2 sidebands)

6 CONCLUSIONS
We investigated a method to generate an audio spot with only a small amount of spurious audible noise in
the regions surrounding the audio spot. We proposed to subdivide the sideband signal output into multiple
sub-bands with relatively narrow bandwidth, and generate each sub-band signal from separate PALs. The PALs
were oriented so that the sideband signals intersect at only the audio spot.
We investigated the regenerated level within a volume of 1 m by 1 m by 1 m surrounding the audio spot using
one to five PALs and found that by using five PALs, the size of the audio spot can be kept to a volume the
size of 0.2 m by 0.2 m by 0.2 m. We also found that the average noise level outside the spot can be kept
significantly lower compared to when using a single PAL.
The experiments described in this paper used an artificial sound signal, i. e., multiple tonal signals 200 Hz
apart. We would like to test with a more realistic sound, e.g, speech signal, and create an audio spot where
the speech signal can be only heard at the audio spot, but not in the surrounding area. We also would like to
apply the proposed audio delivery method into applications such as speech output maintaining content privacy,
volume-confined active noise control using audio spots, among others.
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Figure 5. Output level with 2 subdivisions (3 sidebands)

Figure 6. Output level with 3 subdivisions (4 sidebands)
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(a) x = 0.5m (b) y = 0.5m

(c) z = 0.5m

Figure 8. Output level with 4 subdivisions at x, y and z slices
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ABSTRACT 
A parametric array loudspeaker (PAL) can realize a sharper directivity by utilizing an ultrasound wave 
(carrier wave). The conventional PAL has a problem that ultrasonic transducers cause thermal runaway by 
strongly emitting an amplitude modulated (AM) wave through a long period of time. As a result, spectral 
peak noises are generated from the PAL including the ultrasonic transducer in which thermal runaway has 
occurred. Therefore, we have proposed a thermal runaway control method with a frequency modulated 
carrier wave. In the proposed method, we generate the AM wave with the frequency modulated carrier wave 
that the frequency of the carrier wave changes with time. By changing the frequency of the carrier wave with 
time, we can reduce the spectral peak noises and minimize the effects of thermal runaway in ultrasonic 
transducers. In the paper, to evaluate the effects of thermal runaway, we perform evaluation experiments for 
the power of the spectral peak noises with the conventional and the proposed methods. Specifically, we 
measured the time transition of the power of the spectral peak noises when emitting the frequency modulated 
carrier wave from the PAL for 20 minutes. Finally, we confirmed the effectiveness of the proposed method. 
 
Keywords: Parametric array loudspeaker, Thermal runaway, Frequency modulated carrier wave 

1. INTRODUCTION 
Audible sounds such as music and voice are usually emitted by electrodynamic loudspeakers. An 

electrodynamic loudspeaker can transmit audible sound to a wide area because of its wider directivity. 
However, the audible sound emitted by electrodynamic loudspeakers can be a noise for non-target 
listeners [1]. Recently, to solve this problem, a parametric array loudspeaker (PAL) has attracted 
attention. The PAL can realize sharper directivity by utilizing an ultrasound wave and transmit the 
audible sound to a particular area [2,3,4]. Therefore, the PAL is expected to be used for announcements 
in museums, stations and so on. The PAL emits an intense amplitude modulated (AM) wave which is 
designed by modulating an ultrasound wave (carrier wave) with the audible sound [5]. The emitted 
intense AM wave is demodulated into the audible sound due to the nonlinear interaction in the air [6]. 
In the conventional modulation method, the frequency of the carrier wave is set at the resonance 
frequency of the ultrasonic transducer to intensely emit the AM wave. However, it tends to cause 
thermal runaway of the ultrasonic transducer because high load is applied to the ultrasonic transducer. 
Moreover, the vibration of the ultrasonic transducer constantly maximized because the frequency of 
the carrier wave coincides with the resonance frequency of the ultrasonic transducers, and it induces 
thermal runaway of the ultrasonic transducer. As a result, spectral peak noises are generated from a 
PAL including the ultrasonic transducer in which thermal runaway has occurred (crashed PAL). 
Especially, this is a severe problem in intensely emitting carrier wave using the audio-spot design 
based on separating emission with the carrier and sideband waves [7]. This is because it is necessary to 
emit intensely the carrier wave from the PAL compared with the conventional PAL, and the spectral 
peak noises are remarkably generated. Here, we focus on the fact that the power of the spectral peak 
                                                        
1  is0284ie@ed.ritsumei.ac.jp 
2, 3  nakayama@ise.osaka-sandai.ac.jp 
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noises depends on the frequency of the carrier wave and the carrier wave of the pure tone induces 
thermal runaway of ultrasonic transducers. We have proposed the thermal runaway control method 
with the frequency modulated carrier wave for the PAL [8]. The proposed method designs the AM 
wave with the frequency modulated carrier wave that the frequency of the carrier wave changes with 
time. As the frequency of the carrier wave changes with time, the power of the spectral peak noises 
also changes. Consequently, the power of the spectral peak noises can be reduced. Experiment results 
show that the proposed method can achieve load reduction to the ultrasonic transducer. 

2. PALAMETRIC ARRAY LOUDSPEAKER  

2.1 Principle of Parametric Array Loudspeaker 
The PAL can realize sharper directivity by utilizing the ultrasound wave. It emits the AM wave 

which is designed by modulating the amplitude of the ultrasound wave (carrier wave) with the audible 
sound. Audible sound source demodulates from the intense AM wave emitted from the PAL by the 
non-linear interaction in the process of propagation in the air. 

The carrier wave 𝑐(t) and the audible sound 𝑠(t) are indicated as follows: 
𝑐(𝑡) = 𝐴( cos(2𝜋𝑓(𝑡), (1) 

𝑠(𝑡) = 𝐴0 cos(2𝜋𝑓0𝑡), (2) 
where 𝑡 is a time index, 𝐴( and 𝐴0 are the maximum amplitudes of the carrier wave and the audible 
sound, 𝑓( and 𝑓0 are the frequencies of the carrier wave and the audible sound. The AM wave 𝑣23(t) 
is designed by modulating the carrier wave with the audible sound. From Eq. (1) and (2), the AM 
wave 𝑣23(t) is indicated as follows: 

															𝑣23(𝑡) = {1 + 𝑎𝑠(𝑡)}𝑐(𝑡), (3) 

								𝑎 =
𝐴0
𝐴(
, (4) 

where 𝑎 (0 < 𝑎 ≤ 1) is an amplitude modulation index. Equation (3) can be transformed as follows 
by trigonometric functions. 
															𝑣23(𝑡) = {1 + 𝑎𝑠(𝑡)}𝑐(𝑡)  

             = {1 + 𝑎𝐴0 cos(2𝜋𝑓0𝑡)}𝐴( cos(2𝜋𝑓(𝑡)  

             = 𝐴( cos(2𝜋𝑓(𝑡) + 𝑎𝐴(𝐴0 cos(2𝜋𝑓(𝑡) cos(2𝜋𝑓0𝑡)  

             = 𝐴( cos(2𝜋𝑓(𝑡) + 𝑎𝐴(𝐴0 cos{2𝜋(𝑓( + 𝑓0)𝑡}/2 + 𝑎𝐴(𝐴0 cos{2𝜋(𝑓( − 𝑓0)𝑡}/2 (5) 

From Eq. (5), it can be confirmed that the AM wave consists of the carrier wave (frequency: 𝑓(), 
the lower sideband wave (frequency: 𝑓( −	𝑓0) and the higher sideband wave (frequency: 𝑓( +	𝑓0) 
[9]. The original audible sound demodulates as the difference tone between the carrier wave and 
sideband waves.  

The demodulated sound 𝑠′(𝑡) are indicated as follows: 
𝑠@(𝑡) = DM[𝑣23(𝑡)] ≈ 𝑠(𝑡), (6) 

where DM[∙] is expressed demodulation. The demodulated audible sound has a sharper directivity as 
with the ultrasound wave. Therefore, the PAL can transmit the original audible sound to a particular 
area. 
 

2.2 Problem of Parametric array loudspeaker 
The ultrasonic transducer of the PAL has a frequency response with steep peak at the resonance 

frequency. In the conventional modulation method, the frequency of the carrier wave is set at the 
resonance frequency of the ultrasonic transducer to intensely emit the AM wave. However, it tends to 
cause thermal runaway of ultrasonic transducers because high load is applied to the ultrasonic 
transducer for the extended period of time. As a result, the spectral peak noises are generated from the   
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(a) Normal PAL.                                      (b) Crashed PAL. 

Figure 1 – Spectrograms of the observed carrier wave. 
crashed PAL. Figure 1 shows the spectrograms of the observed carrier wave of 40 kHz from a normal 
PAL and the crashed PAL. In Fig. 1, a horizontal axis shows time, a vertical axis shows frequency and 
a color bar represents the power of the frequency. From Fig. 1(b), we can confirm that the several 
spectral peaks of the noises appeared 4~20 kHz as compared with Fig. 1(a). In addition, the vibration 
of the ultrasonic transducer is constantly maximized because the frequency of the carrier wave 
coincides with the resonance frequency of the ultrasonic transducer. Thus the power of the spectral 
peak noises becomes maximum at this time. As indicated by the following equation, the spectral peak 
of the noises tends to appear around the frequency of the specified fraction of the integral number of 
the frequency of the carrier wave. 

𝑓I,J = 𝑓(/𝑙,			(𝑙 ≥ 2 ∧ 𝑙 ∈ 𝒵) (7) 

where 𝒵 is a set of whole integral numbers. Therefore, we have proposed the thermal runaway control 
method of the crashed PAL. 

3. THERMAL RUNAWAY CONTROL METHOD WITH FREQUENCY MODULATED 
CARRIER WAVE IN PARAMETRIC ARRAY LOUDSPEAKER 

3.1 Modulation Method Using Frequency Modulated Carrier Wave 
We have proposed the thermal runaway control method of the crashed PAL. In the proposed 

method, we design the AM wave with the frequency modulated carrier wave which has been designed 
in such a way that the frequency of the carrier wave changes with time. Figure 2 shows the overview of 
the proposed method. In Fig. 2, 	𝑐(𝑡) shows the carrier wave, and 𝑐P(𝑡)  shows the frequency 
modulated carrier wave. In the 1st step, this method modulates the frequency of the carrier wave with 
modulation signal to design the frequency modulated carrier wave. 

The frequency modulated carrier wave 𝑐P(t) and the modulation signal 𝑚(t) are indicated as 
follows:  

𝑐P(𝑡) = FM[𝑐(𝑡)]  

				= 𝐴( cos{2𝜋𝑓(𝑡 + 𝑘T3 ∙ U 𝑚(𝜏)𝑑𝜏
X

Y
}, (8) 

     𝑚(𝑡) = 𝐴3 cos(2𝜋𝑓3𝑡), (9) 

									𝑘T3 = (2𝜋 ∙ ∆𝑓)/𝑓3, (10) 
where 𝐴3 is the maximum amplitude of the modulation signal, 𝑓3 is the frequency of the modulation 
signal, ∆𝑓  is the frequency deviation, 𝑘T3  is the deviation constant, and FM[∙] is a function that 
conducts frequency modulation [10]. Equation (8) can be transformed as follows by trigonometric 
functions. 
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Figure 2 – Overview of the proposed method. 

 

𝑐P(𝑡) = 𝐴( cos{2𝜋𝑓(𝑡 + 𝑘T3 ∙ U 𝑚(𝜏)𝑑𝜏
X

Y
}  

																															= 𝐴( cos{2𝜋𝑓(𝑡 + 𝑘T3 ∙ U 𝐴3 cos(2𝜋𝑓3𝜏) 𝑑𝜏
X

Y
}  

																																												= 𝐴( cos{2𝜋𝑓(𝑡 + 2𝜋 ∙ ∆𝑓/𝑓3 ∙ U 𝐴3 cos(2𝜋𝑓3𝜏) 𝑑𝜏
X

Y
}  

																	= 𝐴( cos{2𝜋𝑓(𝑡 + ∆𝑓/𝑓3 ∙ sin(2𝜋𝑓3𝑡)}. (11) 

 
In the 2nd step, this method modulates the amplitude of the frequency modulated carrier wave with the 
audible sound to design the AM wave. 

The AM wave 𝑣P(t) is indicated as follows: 

𝑣P(𝑡) = {1 + 𝑎𝑠(𝑡)}𝑐P(𝑡). (12) 

In the proposed method, we design the AM wave with the frequency modulated carrier wave that the 
frequency of the carrier wave changes with time. Therefore, the frequencies of sideband waves also 
change with time. Accordingly, the difference tone between the carrier and the sideband waves, 
namely the demodulated sound, is demodulated in the same way as in the case for the conventional 
modulation method. 

The demodulated sound 𝑠′P(𝑡) are indicated as follows: 
𝑠′P(𝑡) = DM[𝑣P(𝑡)] ≈ 𝑠(𝑡). (13) 

3.2 Constraint Conditions of Modulation Parameters 
As mentioned in the previous section, the ultrasonic transducer has the frequency response with 

steep peak at the resonance frequency. Therefore, the larger the difference between the frequency of 
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the carrier wave and the resonance frequency of the ultrasonic transducer, the power of the 
demodulated sound is reduced. As a result, the power of the demodulated sound depends on both of the 
frequency deviation ∆𝑓 and the frequency of the modulation signal 𝑓3. The frequency deviation 
means the maximum amount of the frequency change against the frequency of the carrier wave. The 
frequency of the modulation signal indicates the change period of the frequency of the carrier wave. 
The smaller the difference between the frequency of the carrier wave and the resonance frequency of 
the ultrasonic transducer, the power of the spectral peak noises and that of the demodulated sound 
become larger. Thus, the larger the frequency deviation, the difference between the frequency of the 
carrier wave and the resonance frequency of the ultrasonic transducer becomes larger. Consequently, 
the power of the demodulated sound is reduced. In addition, the larger the frequency of the modulation 
signal, the shorter the modulation period for the frequency of the carrier wave. Consequently, the 
fluctuation period of the power of demodulated sound is shortened. As a result, the power of the 
demodulated sound becomes unsteady. In conclusion, the power of the demodulated sound needs to be 
maintained at the comparable level used the conventional modulation method. Therefore, the 
appropriate frequency deviation and the frequency of the modulation signal need to be established to 
reduce the spectral peak noises. 

Figure 3 shows the frequency response of the PAL without modulation. In Fig. 3, a horizontal axis 
shows frequency, a vertical axis shows the power of the frequency. We thought that if the power 
reduction of the frequency of the carrier wave is less than 6 dB, it is no problem for human auditory 
characteristics. Thus, the frequency of the modulation signal 𝑓3 is defined as the following equation. 

∆𝑓 < ∆𝑓 _`, (14) 
where ∆𝑓 _` is the maximum amount of the frequency deviation. From Fig. 3, the maximum 
amount of the frequency deviation ∆𝑓 _` is set to 1000 Hz. In addition, it is known that a 
demodulated sound is generated by frequency modulation in the PAL. Thus, it is necessary to set the 
frequency of the modulation signal 𝑓3 so that the demodulated sound generated by frequency 
modulation does not become a noise. Thus, the frequency of the modulation signal 𝑓3 is defined as 
the following equation. 

 
Figure 3 – Frequency response of the PAL without modulation. 

 
Figure 4 – Frequency response of the demodulated sound. 
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𝑓3 < 𝑓3^_`, (15) 
where 𝑓3^_` is the maximum value of the frequency of the modulation signal. Figure 4 shows the 
frequency response of the demodulated sound. From Fig. 4, the PAL is difficult to represent the 
sound in lower-frequency band. Therefore, we set the frequency of the modulation signal 𝑓3 as the 
lower-frequency band that sound pressure is 20 dB lower than that of 4 kHz. From Fig. 4, the 
maximum value of the frequency of the modulation signal 𝑓3^_` is set to 500 Hz. 

4. EVATUATION EXPERIMENT 

4.1 Evaluation Experiment for Spectral Peak Noise Reduction 
We carried out the evaluation experiment to confirm the effectiveness of the proposed method. We 

measured the power of the spectral peak noises generated from the crashed PAL in the conventional 
and the proposed methods. Specifically, we measured the time transition of the power of the spectral 
peak noises when emitting the frequency modulated carrier wave for 20 minutes. In this experiment, 
the frequency of the carrier wave is set at the resonance frequency of the PAL calculated using time 
stretched pulse (TSP) method [11], and three crashed PALs are used in consideration of individual 
differences. Also, modulation parameters were determined from the preliminary experiment. Table 1 
shows the experimental equipment, and Table 2 shows the experimental conditions. 

The power of the spectral peak noises P is calculated by the following equation. 

𝑃 = b10 logeY fg𝑤(𝑡)i
jke

XlY

mn /𝑇, (16) 

where 𝑡 is a time index, 𝑇 is a length of a signal, and 𝑤(𝑡) is the recorded signal. 

4.2 Experimental Result for Spectral Peak Noise Reduction 
Figure 5 shows the experimental result for spectral peak noise reduction, and Table 3 shows the 

power of the spectral peak noises. In Fig. 5, a horizontal axis shows each carrier wave, a vertical  
Table 1 – Experimental equipment. 

Parametric array loudspeaker TRISTATE, TS-PARAMESP1 

Microphone SONY, ECM-88B 

Microphone amplifier HEG, MICA-800 

A/D, D/A converter RME, FIREFACE UFX 

Power amplifier YAMAHA, XM4180 

Table 2 – Experimental conditions. 

Ambient noise level 𝐿2 = 38.7 dB 

Reverberation time (𝑇qY) 650 ms 

Sampling frequency 192 kHz 

Quantization bit rate 32 bits 

Distance between microphone and 

parametric array loudspeaker 
0.3 m 

Input voltage 12 V 

Temperature / Humidity 19 ℃ / 46.8 % 

Sound source 
Carrier wave of pure tone (Conventional method), 

Frequency modulated carrier wave (Proposed method) 

Frequency deviation ∆𝑓 20 Hz 

Frequency of modulation signal 𝑓3 70 Hz 
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(a) Crashed PAL(A). 

 
(b) Crashed PAL(B). 

 
(c) Crashed PAL(C). 

Figure 5 – Experimental result for spectral peak noise reduction. 
 

Table 3 – Power of the spectral peak noises. 
 0 min 5 min 10 min 15 min 20 min Average 

Crashed PAL(A) 7.0 dB 20.1 dB 15.5 dB 18.7 dB 14.7 dB 15.2 dB 

Crashed PAL(B) 20.3 dB 9.2 dB 0.4 dB 8.5 dB 9.2 dB 9.5 dB 

Crashed PAL(C) 21.1 dB 21.8 dB 30.8 dB 30.2 dB 23.4 dB 25.5 dB 

Average 16.1 dB 17.0 dB 15.6 dB 19.1 dB 15.8 dB 16.7 dB 
 
axis shows the power of the spectral peak noises. Figure 5 is normalized the power of the spectral peak 
noise in the conventional method to 20.0 dB. From Fig. 5 and Table 3, we confirmed that the spectral 
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peak noise reduction performance had individual differences. In addition, we confirmed that the 
spectral peak noises were reduced by an average of 4.8 dB for crashed PAL(A), and 10.5 dB for 
crashed PAL(B). However, in crashed PAL(C), we confirmed that the spectral peak noise increased by 
5.5 dB on average. The reason is considered to be that the optimum modulation parameters differ 
depending on the individual. Moreover, the spectral peak noise reduction performance changes with 
time. Thus, the optimal modulation parameters are expected to change with time. From the 
experimental result, we confirmed that the proposed method can reduce the spectral peak noises for 
the crashed PAL. 

5. CONCLUSIONS 
The PAL has a sharper directivity and can transmit an audible sound to only a particular area by 

utilizing the ultrasound wave. However, it tends to cause thermal runaway of the ultrasonic transducer 
because high load is applied to the ultrasonic transducer when the AM wave of the conventional 
modulation method is emitted for the extended period of time. In addition, spectral peak noises are 
generated from the crashed PAL. Therefore, we have proposed the thermal runaway control method 
with the frequency modulated carrier wave for the PAL. In this paper, we further evaluated the spectral 
peak noise reduction performance of the proposed method. Concretely, we measured the time 
transition of the power of the spectral peak noises when emitting the frequency modulated carrier wave 
for 20 minutes. From the result of the evaluation experiment, we confirm the effectiveness of the 
proposed method. In the future work, we intend to change modulation parameters adaptively to 
control thermal runaway of the crashed PAL. 
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ABSTRACT 
A parametric array loudspeaker (PAL) realizes a sharper directivity utilizing a demodulation of an intense 
amplitude modulated (AM) wave. The demodulation is modeled as spatial sound sources generated with the 
demodulated audible sound in the acoustic beam. Spatial sound sources form resonance and anti-resonance 
positions because of the interference between spatial sound sources demodulated with the non-linear 
interaction in the air. Thus, the sound pressure level (SPL) of the PAL is reduced at anti-resonance positions. 
However, it suggests that resonance positions might be reformed by spatial wave synthesis with phased array 
processing. Therefore, we propose three-dimensional resonance control based on spatial wave synthesis with 
the PAL. In this paper, we employ the PAL consists of line-type PALs corresponding to column. The PAL can 
apply different delay filters to each column. The proposed method designs inverse filters with a multichannel 
adaptive algorithm as delay filters for line-type PALs under the constraint condition that the SPL is 
maximized by spatial wave synthesis at the target position. The proposed method enables to influence the 
non-linear interaction and improve the SPL at the target position by applying designed filters to each column. 
Finally, we confirmed the effectiveness of the proposed method through evaluation experiments. 
 
Keywords: Parametric array loudspeaker, Resonance control, Spatial wave synthesis 

1. INTRODUCTION 
Recently, an electrodynamic loudspeaker is widely used to emit audible sound such as music and 

voice. The electrodynamic loudspeaker has a wider directivity and can transmit the audible sound to a 
wide area. However, it is difficult for the electrodynamic loudspeaker to emit the audible sound to an 
only target listener who requires the audible sound. Therefore, the audible sound emitted by the 
electrodynamic loudspeaker becomes a noise for the non-listener [1]. To solve this problem, a 
parametric array loudspeaker (PAL) [2, 3] which has a sharper directivity has recently been focused on. 
The PAL realizes the sharper directivity by utilizing an ultrasonic wave. The PAL emits an intense 
amplitude modulated (AM) wave which is designed by modulating the ultrasonic wave (carrier wave) 
with an audible sound. The emitted intense AM wave from the PAL is gradually demodulated into the 
original audible sound by the non-linear interaction in the process of propagation in the air [4]. In the 
process of the demodulation, the PAL generates spatial sound sources with the demodulated audible 
sound and constructs a vertical array in the acoustic beam with the non-linear interaction. Therefore, 
the PAL can realize the sharper directivity and emits the audible sound in a particular area [4, 5, 6]. 

The sound pressure level (SPL) of the audible sound emitted from the electrodynamic loudspeaker 
decay by distance right after it is emitted. On the other hand, the SPL of the demodulated audible sound 
gradually increases with the occurring demodulation. The demodulated audible sound has the 
maximum SPL at the distance which ceases the demodulation. After ceasing the demodulation, the 
SPL of the demodulated audible sound decays by distance. Furthermore, spatial sound sources form 
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resonance and anti-resonance positions of the demodulated audible sound in the acoustic beam 
because of the interference between spatial sound sources demodulated with the non-linear interaction. 
Thus, the SPL of the demodulated audible sound is attenuated at anti-resonance positions. To control 
the resonance positions, we propose the method to reform them by spatial wave synthesis with phased 
array processing. In the preliminary experiment, we confirmed that resonance positions can be 
reformed by emitting AM waves imparted different delays from each line-type PAL constituting the 
PAL. It is considered that imparting delays to each column influences the composite waves 
demodulated by the non-linear interaction in the air. In addition, we confirmed that the SPL of the 
demodulated audible sound increases in the preliminary experiment. The proposed method designs 
inverse filters with a multichannel adaptive algorithm as delay filters for line-type PALs to improve 
the SPL of the demodulated audible sound at the target position. We design filters under constraint 
condition that the SPL of the demodulated audible sound is maximized by spatial wave synthesis. By 
applying designed filters which control phases to each column, we change the sound pressure 
distribution of resonance positions and improve the SPL at the target position. As a result of the 
evaluation experiment, we confirm the effectiveness of the proposed method. 

2. PARAMETRIC ARRAY LOUDSPEAKER 

2.1 Principle of Parametric Array Loudspeaker 
The PAL realizes a sharper directivity by utilizing an ultrasonic wave and a parametric array effect. 

Generally, the high frequency wave has the straightness than the low frequency wave. For this reason, 
the PAL utilizing the ultrasonic wave, which has high frequency, can transmit the sound straightly. In 
addition, the PAL utilizes the parametric array effect by consisting of multiple small ultrasonic 
transducers with close-packed structure. When AM waves are emitted from each ultrasonic transducer 
simultaneously, they are synthesized spatially and realize the directivity. The PAL emits an intense AM 
wave which is designed by modulating the carrier wave with an audible sound. Figure 1 shows the 
overview of the demodulation of the emitted AM wave in time domain. The carrier wave 𝑣"(𝑡) and the 
audible sound 𝑣&(𝑡) are indicated as follows: 

𝑣'(𝑡) = 𝐴' cos(2𝜋𝑓'𝑡), (1) 

𝑣0(𝑡) = 𝐴0 cos(2𝜋𝑓0𝑡), (2) 
where 𝑡 represents a time index, 𝐴" and 𝐴& represent the maximum amplitudes of the carrier wave 
and the audible sound, 𝑓" and 𝑓& represent the frequencies of the carrier wave and the audible sound. 
The AM wave 𝑣12(𝑡) is designed by modulating the carrier wave 𝑣"(𝑡) with the audible sound 𝑣&(𝑡). 
From Eq. (1) and (2), the AM wave 𝑣12(𝑡) is indicated as follows: 

𝑣12(𝑡) = {1 +𝑚 ∙ 𝑣0(𝑡)}𝑣'(𝑡), (3) 

𝑚 = 𝐴0 𝐴'⁄ , (4) 
where 𝑚	(0 < 𝑚 ≤ 1) is an amplitude modulation index. Equation (3) can be transformed as follows 
by trigonometric functions. 
𝑣12(𝑡) = {1 +𝑚 ∙ 𝑣0(𝑡)}𝑣'(𝑡)  

															= {1 +𝑚𝐴0 cos(2𝜋𝑓0𝑡)}𝐴' cos(2𝜋𝑓'𝑡)  

															= 𝐴' cos(2𝜋𝑓'𝑡) + 𝑚𝐴0 𝐴'cos(2𝜋𝑓0𝑡) cos(2𝜋𝑓'𝑡)  

															= 𝐴' cos(2𝜋𝑓'𝑡) + 𝑚𝐴0 𝐴'cos{2𝜋(𝑓' + 𝑓0)𝑡} 2⁄ +𝑚𝐴0 𝐴'cos{2𝜋(𝑓' − 𝑓0)𝑡} 2⁄ . (5) 

From Eq. (5), we can confirm that the AM wave consists of the carrier wave (frequency: 𝑓'), the 
higher sideband wave (frequency: 𝑓' + 𝑓0) and the lower sideband wave (frequency: 𝑓' − 𝑓0). When 
the intense AM wave as a primary wave is emitted from the PAL, the sum and difference frequency 
waves of the carrier wave and sideband waves are secondarily demodulated along the primary beam in 
the process of propagation in the air due to the non-linear interaction. Generally, the high frequency 
wave decay more rapidly than the low frequency wave because the sound absorption increases with 
frequency. Therefore, only the difference frequency wave, which has low frequency and is perceived 
by humans, can be transmitted an appreciable distance and remain sufficient amplitudes than the high 
frequency wave such as the carrier wave.  
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Figure 1 – Overview of the demodulation of the emitted AM wave (Time domain). 

2.2 Generation of Virtual Sound Source 
Figure 2 shows the generation model of a parametric array [1]. As mentioned in the previous 

section, the intense AM wave as a primary beam emitted from the PAL is demodulated in the process of 
the propagation in the air due to the non-linear interaction. In the primary beam, secondary spatial 
sound sources of the difference frequency wave are virtually created and distribute along a narrow 
beam. This generation model is referred as the parametric array. In the parametric array, each spatial 
sound source operates as a point sound source. Therefore, they form resonance and anti-resonance 
positions in the acoustic beam because of the interference between spatial sound sources demodulated 
with the non-linear interaction in the air. Figure 3 shows the relationship between the distance and the 
SPL of the demodulated audible sound. In the Fig. 3, a horizontal axis shows the distance from the PAL 
and a vertical axis shows the power of the demodulated audible sound. From Fig. 3, we can confirm 
that the several resonance and anti-resonance positions are generated and the power of the 
demodulated audible sound mottles in the audible area. Hence, the listener who stands at the 
anti-resonance position may obtain the demodulated audible sound with insufficient power. In this 
paper, we propose the method to control the generation process of resonance positions and improve the 
SPL of the demodulated audible sound at the target position. 

 
Figure 2 – Generation model of parametric array. 

 

 
Figure 3 – Relationship between the distance and the SPL of the demodulated audible sound. 
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3. PROPOSAL OF THREE-DIMENSIONAL RESONANCE CONTROL BASED ON 
SPATIAL WAVE SYNTHESIS WITH PARAMETRIC ARRAY LOUDSPEAKER 

3.1 Overview of Proposed Method 
In this paper, we propose the method to control three-dimensional resonance positions of the 

demodulated wave. We reform resonance positions by spatial wave synthesis with phased array 
processing with the PAL. Figure 4 shows the overview of the proposed method. In Fig. 4, 𝑥(𝑡) shows 
the input signal and 𝑔B(𝑡)(𝑖 = 1, 2,⋯ ,𝑀) shows the transfer function, where 𝑖 represents a column 
index and M is a number of line-type PALs. ℎB(𝑡)(𝑖 = 1, 2,⋯ ,𝑀) shows the inverse filter. Figure 5 
shows the PAL which we use in this paper. In Fig. 4 and 5, 𝑆B(𝑖 = 1, 2,⋯ ,𝑀) shows the line-type PAL 
of 𝑖th column. The PAL is consisted of some line-type PALs corresponding to column and enables 
array processing. In the proposed method, we design some delay filters for each column to improve the 
SPL of the demodulated audible sound at the target position. By imparting delays to each column, it is 
possible to influence the composite waves demodulated by non-linear interaction in the air. As delay 
filters, the proposed method designs inverse filters for line-type PALs under the constraint condition 
that the SPL is maximized by spatial wave synthesis at the target position. The inverse filter has the 
inverse characteristics of a system. In this paper, we utilize inverse filters in order to correct transfer 
functions between each line-type PAL and the target position. It is possible to change the phase of the 
sound emitted from some line-type PALs by designing inverse filters in consideration of phases.  

In the proposed method, we first measure transfer functions 𝑔B(𝑡) between each line-type PAL and 
the target position. Transfer functions can be measured using the TSP method [8]. Next, in the Step2, 
we design inverse filters ℎB(𝑡) with a multichannel adaptive algorithm in order to add different delays 
to each line-type PAL. Details on calculation of the inverse filter coefficient are described in the next 
section. The filtered input signal 𝑣0I(𝑡) is indicated as follows:  

where ∗ means convolution operation. In the proposed method, we modulate the carrier wave 𝑣12I(𝑡) 
with the filtered input signal 𝑣0I(𝑡) and emit the modulated wave 𝑣12I(𝑡) from each line-type PAL. 
The modulated wave 𝑣12I(𝑡) is indicated as follows:  

By emitting the AM wave applying designed filters which control phases to each column, we enable to 
influence the non-linear interaction and change the process of the spatial wave synthesis. Therefore, it 
becomes to change the sound pressure distribution of resonance positions and improve the SPL at the 
target position.  

 

 
Figure 4 – Overview of the proposed method. 

 

𝑣KB(𝑡) = 𝑥(𝑡) ∗ ℎB(𝑡), (12) 

𝑣LMB(𝑡) = {1 +𝑚 ∙ 𝑣KB(𝑡)}𝑣'(𝑡). (13) 
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Figure 5 – PAL consisted of some line-type PALs. 

 

3.2 Calculation of inverse filter coefficient 
The proposed method utilizes the NLMS for the adaptive algorithm [9]. A filter design procedure is 

following: 
 
i. Calculate the input signal 𝑟B(𝑡)(𝑖 = 1, 2,⋯ ,𝑀) of the adaptive algorithm as follows: 

𝑟B(𝑡) = 𝑥(𝑡) ∗ 𝑔B(𝑡). (6) 
 

ii. Set initial coefficient ℎB(0) as time 𝑡 = 0. 
 

iii. Calculate the output signal 𝑦(𝑡) and error signal 𝑒(𝑡) as follows: 
𝑦(𝑡) ≈ ∑ 𝒉B(𝑡)T𝒓B(𝑡)M

BVW , (7) 

e(𝑡) = 𝑑(𝑡) − 𝑦(𝑡), (8) 
where 𝒓B(𝑡) and 𝒉B(𝑡) are given as follows: 

𝒓B(𝑡) = [𝑟B(𝑡), 𝑟B(𝑡 − 1),⋯ , 𝑟B(𝑡 − 𝐿 + 1)]T, (9) 

𝒉B(𝑡) = ]ℎB,W(𝑡), ℎB,^(𝑡),⋯ , ℎB,_(𝑡)`
T, (10) 

where L represents the length of the filter coefficient. In the proposed method, 𝑒(𝑡)  is 
calculated by the output single 𝑦(𝑡) and the desired signal 𝑑(𝑡). The output signal 𝑦(𝑡) in Eq. 
(9) is the approximation of the output signal emitted from the PAL. 

 
iv. Estimate the coefficient 𝒉B(𝑡 + 1) as follows: 

𝒉B(𝑡 + 1) = 𝒉B(𝑡) + 𝛼𝑒(𝑡)𝑟B(𝑡) (𝒓B(𝑡)T𝒓B(𝑡) + 𝛽)⁄ , (11) 
where 𝛼  represents the step size which controls the size of the coefficient correction, 𝛽 
represents the small positive constant which prevents denominator in Eq. (11) from becoming 
zero. 

 
v. Increment a variable by 1 and repeat procedures ⅲ and ⅴ. 

 

4. EVALUATION EXPERIMENT 

4.1 Experimental Condition 
We carried out the objective evaluation experiment to confirm the effectiveness of the proposed 

method. The proposed method designs some filters for each column to improve the SPL of the 
demodulated audible sound at the target position. We compared the SPL of the demodulated audible 
sound in the case of the conventional method which emits AM waves which have coordinate phase and 
the case of the proposed method. Table 1 shows the experimental conditions in the evaluation 
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experiment, Table 2 shows the experimental equipment and Fig. 7 shows the experimental 
arrangement. Table 3 shows the conditions for inverse filter design and Fig. 6 shows the experimental 
arrangement for inverse filter design. In this experiment, we set the desired position at the 0.8 m spot 
from the PAL as shown in Fig. 6. We utilize the NLMS for adaptive algorithm, add the delay to the 
desired signal to satisfy causal relation, and set each parameter experimentally. In addition, we utilize 
the PAL as shown in Fig. 5. The PAL is consisted of fifteen line-type PALs corresponding to column 
and each of them has ten small ultrasonic transducers. However, the propose method designs inverse 
filters for the five channel PAL in consideration of easy convergence. Figure 8 shows the five channel 
PAL utilized in the evaluation experiment. We realize the five channel PAL by dividing the PAL into 
five as shown in Fig. 8. 

We expect that the proposed method changes the sound pressure distribution of resonance positions 
and improves the SPL at the target position. The SPL of the demodulated audible sound 𝑃def  is 
calculated as follows: 

where 𝑓g	 and 𝑓h	 represent the maximum and minimum frequency of the evaluation frequency band 
and 𝑃(𝑓) is the SPL of the frequency 𝑓. Moreover, the evaluated frequency band is 1 ±	0.01	kHz 
because we evaluate the pure tone. 

 
Table 1 – Experimental conditions for measuring the sound pressure distribution. 

Sampling frequency 96 kHz 

Quantization 16 bits 

Carrier frequency 40 kHz 

Ambient noise level 𝐿1 = 19.2	dB	

Environmental Soundproof room(𝑇no = 0.15	s) 

Sound source White noise (0~8 kHz) 

Evaluation distance 0.30〜1.30 m (0.02 m spacing) 
 

Table 2 – Experimental equipment. 

Ultrasonic transducer SPL (Hong Kong) Limited, UT1007-Z325R 

Power amplifier VICTOR, PS-A2002 

A/D, D/A converter RME, FIREFACE UFX 

Microphone amplifier THINKNET, MA-2016C 

Microphone SONY, ECM-88B 
 

Table 3 – Experimental conditions for designing inverse filters. 

Adaptive algorithm NLMS 

Filter length 3840 points 

Step size 𝛼 = 0.10000 

Parameter 𝛽 = 0.00001 

Desired signal White noise (0〜8 kHz) 
 

𝑃def = qr 𝑃(𝑓)
st

sVsu

v (𝑓h − 𝑓g)w  (14) 
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Figure 6 – Experimental arrangement for designing inverse filter. 

 

 
Figure 7 – Experimental arrangement for measuring the sound pressure distribution. 

 

 
Figure 8 – Channel segment of the PAL in the evaluation experiment. 

 

 
Figure 9 – SPLs of the demodulated audible sound. 

 

4.2 Experimental Result 
Figure 9 shows the experimental result. In Fig. 9, a horizontal axis shows the distance from the PAL 

and a vertical axis shows the power of the demodulated audible sound (1kHz).  
As shown in Fig. 9, the SPL of the demodulated audible sound at the target position (0.8 m spot 

from the PAL) is improved about 4.1 dB compared to the conventional method. This is because inverse 
filters are designed to correct transfer functions between each line-type PAL and the target position.  

In Fig. 9, it is also confirmed that the sound pressure distribution of the resonance positions has 
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changed compared to the conventional method. At the 0.65 m and 0.85 m spots from the PAL, the 
anti-resonance position of the demodulated wave, which existed in the conventional method, becomes 
the resonance positions in the proposed method and the SPL of the demodulated audible sound is 
improved. It is considered that the process of spatial wave synthesis has changed by applying the 
inverse filters to each line-type PAL and resonance positions have reformed. From the evaluation 
experimental result, we confirmed the effectiveness of the proposed method.  

5. CONCLUSIONS 
The PAL realizes a sharper directivity and can transmit the audible sound to only the particular area 

by utilizing AM wave. However, in demodulation process, some spatial sound sources are generated in 
the acoustic beam and form some resonance and anti-resonance positions of the demodulated wave 
because of the interference between spatial sound sources. Thus, the SPL of the demodulated audible 
sound is attenuated at anti-resonance positions. In this paper, we propose the method to control 
three-dimensional resonance positions of the demodulated wave. The proposed method reforms 
resonance positions by spatial wave synthesis with phased array processing. We design inverse filters 
with a multichannel adaptive algorithm as delay filters for line-type PALs to improve the SPL of the 
demodulated audible sound at the target position. We conducted the evaluation experiment to confirm 
the effectiveness of the proposed method. From the result of the evaluation experiment, we confirmed 
that the proposed method can improve the SPL of the demodulated audible sound at the target position 
and change the sound pressure distribution of the resonance positions. In the future work, we intend to 
reconsider the filter design method to change only phase characteristic of inverse filters. 
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ABSTRACT 
Parametric array loudspeaker (PAL) can transmit an audible sound to only a particular area by utilizing 
ultrasound. We have previously proposed a demodulation distance control using a film gas-lens with the gas 
different from the air to control a maximum demodulation distance (MDD), which is a distance with 
maximum demodulation of the audible sound. The method selects the gas and adjusts the film gas-lens depth 
to make the MDD equal to the desired MDD (D-MDD). In the method, the MDD has a large numerical error 
because it employs a simple linear approximation with the MDD and the film gas-lens depth. In this paper, 
we therefore propose a new MDD control based on an analytic model between film gas-lens depth and the 
MDD. To design the analytic model, we investigate the MDD corresponding to the film gas-lens depth set at 
equal intervals and design a regression curve. Next, to calculate the appropriate film gas-lens depth 
corresponding to the D-MDD, we design the analytic model as an inverse function of the regression curve. 
The analytic model can accurately adjust the film gas-lens depth to control the MDD. Finally, we confirmed 
the effectiveness of the proposed method through the evaluation experiments. 
 
Keywords: Parametric array loudspeaker, Demodulation distance, Film gas-lens 

1. INTRODUCTION 
Acoustic sounds are usually emitted by an electrodynamic loudspeaker. It is suitable for 

transmitting the audible sound to many listeners because of its wider directivity. However, it is 
unsuitable for transmitting the audible sound in particular areas. Then, the attention has recently been 
focused on a parametric array loudspeaker (PAL) [1, 2]. PAL can achieve a higher directivity by 
utilizing ultrasound and transmit the audible sound to a particular area [3, 4]. The PAL utilizes the 
amplitude modulated (AM) wave which is designed by modulating an amplitude of ultrasound with 
an original audible sound. The AM wave is strongly emitted from the PAL, and it is gradually 
demodulated into the original audible sound by the nonlinear interaction in the air. It is known that 
the sound pressure level (SPL) of the demodulated audible sound depends on the distance between the 
PAL and the observed position [5, 6]. This is attributed that the demodulation insufficiently occurs at 
close to the PAL. Thus, it is difficult to transmit the demodulated audible sound with the maximum 
SPL to the listener at any positions. In this paper, we refer to the maximum demodulation distance 
(MDD) that the distance which the demodulated audible sound has the maximum SPL.  

It is known that the MDD is changed by the density of the medium in which the emitted AM wave 
is transmitted. Based on it, we have previously proposed a demodulation distance control using a film 
gas-lens with the gas different from the air to control the MDD [7]. This method arranged the film 
gas-lens in front of the PAL as the container to enclose the gas. Then, this method selects the gas and 
adjusts the depth of film gas-lens to make the MDD equal to the desired MDD (D-MDD). However, 
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this method has a large numerical error on controlling the MDD because it employs a simple linear 
approximation with the MDD and the film gas-lens depth. It is difficult to accurately control the MDD 
to any listener’s positions. 

In this paper, we therefore propose a new MDD control based on an analytic model between the 
film gas-lens depth and the observed MDD (O-MDD). First, to design the analytic model, we 
investigate the O-MDD corresponding to the film gas-lens depth set at equal intervals and design a 
regression curve in each gas through the preliminary experiments. Next, to calculate the appropriate 
film gas-lens depth corresponding to the D-MDD, we design the analytic model as an inverse function 
of the regression curve. The analytic model can accurately adjust the film gas-lens depth to control 
the MDD. Thus, we can achieve the accurate MDD control for PAL by utilizing the analytic model.  

We evaluated carbon dioxide (CO2), sulfur hexafluoride (SF6), and helium (He) as the gas which 
has different density compared with the air in order to confirm the validity of the proposed method. 
As the results of the evaluation experiment, we confirmed the effectiveness of the proposed method. 

2. CONVENTIONAL MAXIMUM DEMODULATION DISTANCE CONTROL BASED 
ON THE LINEAR APPROXIMATION WITH FILM GAS-LENS 

We have proposed the MDD control based on the linear approximation with the film gas-lens as 
the conventional method. This method arranged the film gas-lens in front of the PAL as the container 
to enclose the gas. Figure 1 shows the overview of the conventional MDD control with film gas-lens 
for PAL. In Fig. 1,  represents the distance between the PAL and the listener’s head (D-MDD),  
represents the controlled MDD,  represents the film gas-lens depth,  represents the MDD when 
the AM wave transmits through only the gas layer whose density is different from the air,  
represents the one when the AM wave transmits through only the air,  and  represents the ratio of  
to . Conventionally, the controlled MDD  and the ratio  of  to  are derived as following 
linear approximation [7]. 

 (7) 

(8) 

 (9) 

 (10) 

where  represents the density of the gas whose density is different from the air,  represents 
the density of the air,  represents the sound speed in the gas whose density is different from the 
air, and  represents the sound speed in the air. The method selects the gas (the density of the gas 

) and adjusts the film gas-lens depth  to make the MDD  equal to the D-MDD . However, 
this method has a large numerical error on controlling the MDD because it employs a simple linear  

 
Figure 1 – Overview of the conventional MDD control based on the linear approximation with the 

film gas-lens for PAL  

g p y
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approximation with the MDD and the film gas-lens depth as Eqs. (7) to (10). Therefore, it is difficult 
to accurately control the MDD to any listener’s positions. 

3. PROPOSAL OF MAXIMUM DEMODULATION CONTROL BASED ON 
ANALYTIC MODEL BETWEEN FILM GAS-LENS DEPTH AND DEMODULATION 
DISTANCE 

3.1 Overview of the Proposed Method 
We propose a new MDD control based on an analytic model between the film gas-lens depth and 

the observed MDD (O-MDD). Figure 2 shows the overview of the proposed MDD control based on 
the analytic model between the film gas-lens depth and the O-MDD. The method selects the gas (the 
density of the gas ) and adjusts the film gas-lens depth  to make the MDD  equal to the 
desired MDD (D-MDD)  as the same in the conventional method. First, to design the analytic model, 
we investigate the O-MDD  corresponding to the film gas-lens depth  set at equal intervals 
and design a regression curve in each gas through the preliminary experiments. Details about 
calculating regression curve are described in the next subsection. Next, to calculate the appropriate 
film gas-lens depth  corresponding to the D-MDD , we design the analytic model as an inverse 
function of the regression curve. The analytic model can accurately adjust the film gas-lens depth  
to control the MDD . Thus, we can achieve the accurate MDD control for PAL by utilizing the 
analytic model. As the results of the preliminary experiment, the regression curve of the O-MDD 

 corresponding to the film gas-lens depth  set at equal intervals is derived as follows using an 
exponential function. 

 (11) 
where  represents the fitting parameters of the regression curve in each gas, and it is determined 
analytically from preliminary experimental results. Next, to calculate the appropriate film gas-lens 
depth  corresponding to the D-MDD , we design the analytic model as an inverse function of the 
regression curve. From Eq. (11), O-MDD  is replaced with D-MDD , the analytic model as an 
inverse function of the regression curve is derived as follows:  

 (12) 

In addition, we can confirm the controlled MDD  is equal to D-MDD  by substituting the  
of Eq. (12) into Eq. (11). The controlled MDD  is derived as follows: 

(13) 

 
Figure 2 – Overview of the proposed MDD control based on the analytic model between the film gas-lens 

depth and the O-MDD. 
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From above, the proposed method can accurately adjust the film gas-lens depth  to control the MDD 
  to be equal to the D-MDD  . Thus, we can achieve the accurate MDD control for PAL by 

utilizing the analytic model. 

3.2 Preliminary Experiment to Calculate the Regression Curve 

3.2.1 Preliminary Experimental Conditions 
Table 1 shows the experimental conditions in the preliminary experiment.  In this experiment, we 

utilized CO2, SF6, and He as the gas which has different density compared with the air.  Table 2 shows 
the experimental equipment and Table 3 shows the physical parameters of gases.  We measured the 
SPL of the demodulated audible sound in the front direction of the PAL at each distance and calculated 
the O-MDD . Figure 3 shows the experimental arrangement of the PAL and film gas-lens. In this 
preliminary experiment, we arranged the film gas-lens to enclose the gas in front of the PAL as shown 
in Fig. 3. The film gas-lens is constructed by the thin film about 2 m and metallic frames. Besides, 
the film gas-lens depth   can expand and contract flexibly. We confirmed that the SPL of the 
demodulated audible sound transmitted through the film gas-lens attenuated about 3 dB. 

 

Table 1 – Experimental conditions. 

Ambient noise level  dB 

Sampling frequency 192 kHz 

Quantization bit rate 32 bits 

Sound source TSP signal (  points) 

Evaluation frequency band 0~10 kHz 

Evaluation distance 0, 0.30, and 0.50~3.50 m (0.25 m spacing) 

Environment Office room ( ) 

Film gas-lens depth  0.05~0.30 m (0.05 m spacing) 

O-MDD when transmits through 

 only the air  
1.00 m 

 
           Table 2 – Experimental equipment.                

Parametric array loudspeaker MITSUBISHI, MSP-50E 

Microphone SONY, ECM-88B 

Microphone amplifier THINKNET, MA-2016C 

Power amplifier VICTOR, PS-A2002 

A/D, D/A converter RME, FIREFACE UFX 
 

 
Figure 3 – Experimental arrangement of the PAL and the film gas-lens. 

Gas Density Sound speed 

Air 1.29 kg/m3 340 m/s 

CO2 1.98 kg/m3 260 m/s 

SF6 6.16 kg/m3 134 m/s 

He 0.18 kg/m3 970 m/s 

Table 3 – Physical parameters of gases. 
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Table 4 – Fitting parameters  of the regression curve in each gas. 

Gas Fitting parameter  

CO2 -1.138 

SF6 -4.345 

He 1.176 

 
 (a) CO2                (b) SF6                (c) He 

Figure 4 – O-MDD  corresponding to the film gas-lens depth  set at equal intervals. 
 

3.2.2 Preliminary Experimental Results 
As the results of the preliminary experiment, Fig. 4 shows the O-MDD  corresponding to the 

film gas-lens depth  set at equal intervals. In Fig. 4, the horizontal axis shows the film gas-lens 
depth   and the vertical axis shows the O-MDD  . In addition, Table 4 shows the fitting 
parameters  of the regression curve in each gas. As shown in Table 1 and Fig. 4, since the O-MDD 
when transmits through only the air  was 1.00 m, the O-MDD  is 1.00 m in the case of the 
film gas-lens depth . As shown in Fig. 4 (a), (b), in the case of enclosing CO2 or SF6, gases 
whose density is higher than air, the O-MDD  decreases with the increase of the film gas-lens 
depth . In addition, we can confirm that the O-MDD  changes more sharply in the case of 
enclosing SF6 than that in the case of enclosing CO2. This is because SF6 has a larger density difference 
with air than CO2. On the other hand, in the case of enclosing He, the gas whose density is lower than 
air, the O-MDD  increases with the increase of the film gas-lens depth  as shown in Fig. 4 (c). 

4. EVALUATION EXPERIMENT ON CONTROL OF MAXIMUM DEMODULATION 
DISTANCE 

4.1 Experimental Conditions 
In order to confirm the effectiveness of the proposed method, we conducted an evaluation 

experiment on control of the MDD. Table 5 shows the evaluation distance and Fig. 5 shows the 
experimental environment for the measuring the sound pressure distributions . We measured the SPL 
of the demodulated audible sound at the 94 microphone positions as shown in Fig. 5. In this 
experiment, we evaluated at 0.125 m spacing in the range of 0.5~1.5 m in order to confirm the detailed 
MDD change as shown in Table 5 and Fig. 5. In addition, in order to confirm the reproducibility, the 
number of trials was set to 5. Other experimental conditions and equipment are the same as in Tables 
1, 2. Table 6 shows the gas and film gas-lens depth  corresponding the D-MDD  calculated from 
Eq. (12). We enclosed the gas and adjusted the film gas-lens depth  in each condition in Table 6. 
We calculate the average distance error (ADE) between the D-MDD  and the O-MDD  in each 
condition in Table 6 and evaluated whether the O-MDD  could be controlled to the D-MDD . 
ADE is derived as follows: 

 (14) 

where   represents the number of trials,   represents the   th O-MDD. In addition, we 
calculated the radiation angle from observed sound pressure distribution in each condition and 
evaluated the change of radiation characteristics. The radiation angle is defined as the angle to the  
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Table 5 – Evaluation distance in the evaluation experiment on control of the MDD. 

Evaluation distance 
0, 0.30, 0.50~1.50 m (0.125 m spacing),  

and 1.50~3.50 m (0.25 m spacing) 

Table 6 – Gas and film gas-lens depth  corresponding the D-MDD . 

D-MDD  Gas Film gas-lens depth  

0.500 m SF6 0.16 m 

0.625 m SF6 0.11 m 

0.750 m CO2 0.25 m 

0.875 m CO2 0.12 m 

1.125 m He 0.10 m 

1.250 m He 0.19 m 

1.375 m He 0.27 m 

1.500 m He 0.34 m 

 
Figure 5 – Experimental environment for measuring the sound pressure distributions. 

 
point at which the SPL of the demodulated audible sound is attenuated by 6 dB in the lateral direction 
based on a point 1.00 m from the front of the PAL. 

4.2 Experimental Results 
As the results of this experiment, Fig. 6 shows the ADE between the D-MDD  and the O-MDD 

 in each condition. In Fig. 6, the horizontal axis shows the error between the D-MDD  and the 
O-MDD  and the vertical axis shows the D-MDD . From Fig. 6, we confirmed that the proposed 
method can control the MDD with an error within 0.047 m on average. We also confirmed that the 
variance was 0 and it is reproducible. Figure 7 shows the estimated MDD of the conventional and 
proposed methods. In Fig. 7, the horizontal axis shows the MDD and the vertical axis shows the D-
MDD  . The average error between estimated MDD and O-MDD   was 0.432 m in the 
conventional method and 0.047 m in the proposed method. From these results, we confirmed that the 
proposed method can control the MDD more accurately than the conventional method.  

Figure 8 shows the sound pressure distributions in each condition. As shown in Fig . 8, we 
confirmed that the high SPL was obtained near the D-MDD  in each condition. Table 7 shows the 
radiation angles in each condition. As shown in Table 7, in the case of enclosing CO2 or SF6, gases 
whose density is higher than air, we confirmed that the radiation angle spread compared to the one in 
the case of the AM wave transmits through only the air. Besides, we confirmed that the radiation angle 
in the case of enclosing SF6 spread larger than that in the case of enclosing CO2. This is because SF6 
has a larger density difference with air than CO2. However, this spread of the radiation angle barely 
affects the performance of the PAL in practical use. Furthermore, we confirmed that the radiation 
angle spread with the increase of the film gas-lens depth  in the case of enclosing CO2 and SF6. 
Similarly, the radiation angle narrowed down with the increase of the film gas-lens depth  in the 
case of enclosing He. From these results, we confirmed that the influence of the gas increased with 
the increase of the film gas-lens depth . Thus, we confirmed that the proposed method can control 
the MDD to be equal to any listener’s positions. 

1066



 

 
Figure 6 – Experimental results for ADE between the D-MDD  and the O-MDD  in each condition. 

 

Figure 7 – Estimated MDD of the conventional and proposed methods. 
 

 
 

 

 

 
 

 

 

Figure 8 – Experimental results for sound pressure distributions in each condition. 

(a) Air 

 ( =1.000 m) 

(b) SF6 
 (D-MDD =0.500 m,  

O-MDD =0.500 m,  
and =0.16 m) 

(c) SF6 
 (D-MDD =0.625 m,  

O-MDD =0.500 m,  
and =0.11 m) 

(d) CO2 
 (D-MDD =0.750 m,  

O-MDD =0.750 m,  
and =0.25 m) 

(e) CO2 
 (D-MDD =0.875 m,  

O-MDD =0.875 m,  
and =0.12 m) 

(f) He 
 (D-MDD =1.125 m,  

O-MDD =1.125 m,  
and =0.10 m) 

(g) He 
 (D-MDD =1.250 m,  

O-MDD =1.250 m,  
and =0.19 m) 

(h) He 
 (D-MDD =1.375 m,  

O-MDD =1.250 m,  
and =0.27 m) 

(i) He 
 (D-MDD =1500 m,  

O-MDD =1.500 m,  
and =0.34 m) 
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Table 7 – Experimental results for radiation angles in each condition. 

Gas Radiation angle 

Air ( =1.000 m) 3.26 deg. 

SF6 (D-MDD =0.500 m, O-MDD =0.500 m, and =0.16 m) 9.92 deg. 
SF6 (D-MDD =0.625 m, O-MDD =0.500 m, and =0.11 m) 9.67 deg. 

CO2 (D-MDD =0.750 m, O-MDD =0.750 m, and =0.25 m) 6.39 deg. 

CO2 (D-MDD =0.875 m, O-MDD =0.875 m, and =0.12 m) 5.88 deg. 

He (D-MDD =1.125 m, O-MDD =1.125 m, and =0.10 m) 4.87 deg. 

He (D-MDD =1.250 m, O-MDD =1.250 m, and =0.19 m) 3.99 deg. 

He (D-MDD =1.375 m, O-MDD =1.250 m, and =0.27 m) 3.73 deg. 

He (D-MDD =1500 m, O-MDD =1.500 m, and =0.34 m) 3.62 deg. 

5. CONCLUSIONS 
In this paper, we proposed a new MDD control based on an analytic model between the film gas-

lens depth and the O-MDD for PAL. First, to design the analytic model, we investigate the O-MDD 
corresponding to the film gas-lens depth set at equal intervals and design a regression curve in each 
gas through the preliminary experiments. Next, to calculate the appropriate film gas-lens depth 
corresponding to the D-MDD, we design the analytic model as an inverse function of the regression 
curve. The analytic model can accurately adjust the film gas-lens depth to control the MDD. Thus, we 
can achieve the accurate MDD control for PAL by utilizing the analytic model. It becomes able to 
transmit the audible sound with maximum SPL to the listener at any points. As the results of the 
evaluation experiment, we confirmed the effectiveness of the proposed method and the proposed 
method can control the MDD more accurately than the conventional method. In future work, we will 
attempt to the MDD control by temperature or humidity.  
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ABSTRACT
Parametric array loudspeaker (PAL) can achieve a sharper directivity by utilizing ultrasonic wave than conven-
tional dynamic loudspeakers. However, PAL has difficulty reproducing low-frequency sound because it utilizes
demodulation of ultrasound in the air. We have proposed the multiplexed double sideband (M-DSB) modulation
for PAL, which can enhance sound pressure level (SPL) by utilizing harmonic distortion in demodulation. How-
ever, in lower frequency, sound quality by PAL with M-DSB is still insufficient compared with one by dynamic
loudspeakers. Therefore, in this paper, we develop a new multi-way PAL with combining software and hardware
approaches, which can achieve both sharper directivity and powerful bass sound. Multi-way PAL consists of a
tweeter PAL (T-PAL) and woofer PALs (W-PALs), and each part is an aggregate of multiple ultrasonic transduc-
ers (UTs). T-PAL employs single sideband (SSB) modulation, which gives low-distortion but low-SPL. W-PAL
employs M-DSB modulation, which gives high-SPL but high-distortion. In order to achieve a flatter frequency
response, we conducted preliminary experiments to determine both a suitable number of UTs and an optimized
arrangement for T-PAL and W-PALs. Finally, we confirmed the effectiveness of the proposed method through
evaluation experiments.
Keywords: Parametric array loudspeaker, Multi-way speaker, Modulation, Hardware arrangement

1 INTRODUCTION
In recent years, parametric array loudspeaker (PAL) [1, 2] has received attention for its sharp directivity.

PAL emits an intense amplitude modulated (AM) wave synthesized by modulating an ultrasonic wave with
audible sounds. The emitted intense AM wave is demodulated from ultrasonic wave to audible sound by non-
linear interaction in the air, and the demodulated audible wave achieves the sharp directivity of ultrasonic wave.
Hence, PAL can reproduce audible sound in a particular area and is promising to be used in museums, stations
and so on. However, it is difficult for PAL to reproduce bass sounds, and the sound quality is degraded by
harmonic distortion [3]. Conventionally, the sound pressure level (SPL) and sound quality are considered to be
influenced by the modulation method. For instance, double sideband (DSB) modulation [1] shows a higher SPL
and single sideband (SSB) modulation [4] shows a better sound quality. Therefore, weighted double sideband
(W-DSB) modulation is proposed in which different modulation methods are utilized in different bands with
weighting factors [5]. W-DSB can realize a flatter frequency response, but it has a limitation that the SPL of
demodulated sounds is extremely low. In order to attain a better performance of low-frequency reproduction, we
have proposed the multiplexed double sideband (M-DSB) modulation [6], which utilizes harmonic distortions
to enhance the SPL. Nevertheless, in the lower frequency, the sound quality by PAL with M-DSB is still
insufficient compared with the sound quality by dynamic loudspeakers, for music listening or other applications.

In this paper, we develop a new multi-way PAL based on the modulation method and hardware design
to realize a better performance of low-frequency reproduction. The proposed multi-way PAL consists of a
tweeter PAL (T-PAL) and woofer PALs (W-PALs). In the proposed method, M-DSB modulation is utilized for
its effectiveness on low-frequency enhancement. Moreover, focusing on the fact that the SPL of demodulated
sound increases with the number of ultrasonic transducers (UTs), we allocate much more UTs for low-frequency

1 gr0369sv@ed.ritsumei.ac.jp, is0224ff@ed.ritsumei.ac.jp
2, 3 nakayama@ise.osaka-sandai.ac.jp
4 nishiura@is.ritsumei.ac.jp
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Construction of hardwareSelection of suitable modulation method
Audible sound

High-pass
filter

M-DSB
modulation

SSB
modulation

Low-pass
filter

Carrier wave

Listener
W-PAL (for low-frequency sound)
T-PAL  (for high-frequency sound)

Figure 1 – Overview of the proposed multi-way PAL.

𝟎. 𝟏𝟗	𝐦

T-PAL
(200 transducers)

W-PAL
(600 transducers)

𝒙𝐋 = 𝟎. 𝟑𝟑	𝐦

𝒙𝐇 = 𝟎. 𝟏𝟏	𝐦

W-PAL 
(600 transducers)

Figure 2 – Arrangement of the trial multi-way PAL.

reproduction to amplify the SPL. Therefore, with the synergy of software and hardware, a better low-frequency
reproduction is promising.

2 PROPOSAL OF MULTI-WAY PARAMETRIC ARRAY LOUDSPEAKER USING MUL-

TIPLEXED DOUBLE SIDEBAND MODULATION
2.1 Overview of Proposed Multi-way Parametric Array Loudspeaker

In this paper, we developed a multi-way PAL using M-DSB modulation. Both modulation method and
hardware design are studied for a better performance on low-frequency reproduction for PAL. Figure 1 shows
an overview of the proposed multi-way PAL. A trial is constructed on the basis of this proposal, and the
arrangement of it is shown in Fig. 2. The proposed multi-way PAL consists of a T-PAL and W-PALs: T-PAL for
the high-frequency reproduction, W-PALs for the low-frequency reproduction. We utilized different modulation
methods for each part: M-DSB modulation for W-PALs, SSB modulation for T-PAL. The modulation methods
of the multi-way PAL will be discussed in detail in Subsection 2.2. In addition, we study on the hardware
design based on the fact that the SPL of the demodulated wave will be higher if more UTs are deployed. It is
able to enhance the low-frequency significantly by allocating more UTs for W-PALs than T-PAL. The hardware
design will be discussed in detail in Subsection 2.3 and the numbers of UTs for each part are determined on
the basis of a preliminary experiment which will be discussed in Section 3.

2.2 Modulation Method of Proposed Multi-way Parametric Array Loudspeaker
In proposed method, we utilized M-DSB modulation for low-frequency emphasis, and SSB modulation for a

better sound quality of high-frequency. As shown in Fig. 3, the audible sound is split into low-frequency sound
sL(t) and high-frequency sound sH(t). sL(t) and sH(t) can be indicated as follows:

sL(t) = s(t)∗hLPFΩ
(t), (1)
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Figure 3 – Flowchart of modulation method in proposed multi-way PAL.

sH(t) = s(t)∗hHPFΩ
(t), (2)

where ∗ denotes the convolution operator, hLPFΩ
(t) and hHPFΩ

(t) denote the low-pass filter and high-pass filter
with a cut-off frequency Ω, and t denotes the time index.

For high-frequency, which is easy to reproduce, SSB modulation with better sound quality is utilized. A
SSB modulated wave can be generated by filtering out the upper sideband of a DSB modulated wave. The SSB
modulated wave which will be emitted from T-PAL can be indicated as follows:

uH(t) = {1+mSSB · sH(t)}c(t)∗hLPFC(t), (3)

where mSSB denotes the modulation factor of SSB modulation, hLPFC denotes a low-pass filter with a cutoff
frequency same as the carrier frequency, and c(t) denotes the carrier wave and can be indicated as follows:

c(t) = AC cos(2π fCt), (4)

where AC and fC denote the amplitude and frequency of the carrier wave.
For low-frequency, which is difficult to reproduce, M-DSB modulation is utilized because it makes use of

the second harmonic distortion for low-frequency emphasis [6]. M-DSB is a combination of DSB modulation,
which generates more harmonic distortions, and DSB-SC modulation, which can achieve frequency compression.
As shown in Fig. 3, sL(t) is compressed into sLF/2(t) with 1 octave. When the target sound is a cosine tone
wave, sL(t), sLF/2(t) can be indicated as follows:

sL(t) = AL cos(2π fLt), (5)

sLF/2(t) = AL cos(π fLt), (6)

sL(t) and sLF/2(t) are modulated by DSB modulation and DSB-SC modulation, respectively. And the two mod-
ulated waves are added to generate the M-DSB modulated wave. The modulated waves which will be emitted
from W-PALs can be indicated as follows:

uL(t) = uDSB(t)+uSC(t)

= {1+mDSB · sL(t)+mSC · sLF/2(t)}c(t)

= AC cos(2π fCt)+
mDSBALAC

2
cos(2π( fC± fL)t)+

mSCALAC

2
cos(2π( fC± fL/2)t),

(7)

where mDSB and mSC denote the modulation factor of DSB and DSB-SC modulation respectively.
In Eq. (7), it is known that the M-DSB modulated wave consists of the carrier wave (frequency: fC),

sidebands of DSB modulated wave (frequency: fC± fL) and sidebands of DSB-SC modulated wave (frequency:
fC± fL/2). Target sound (frequency: fL) is demodulated from the difference of one DSB sideband and carrier
wave, and also from the difference between DSB-SC sidebands. On the other hand, a half frequency distortion
(frequency: fL/2) is also generated from the difference of one DSB-SC sideband and carrier wave, and from the
difference of DSB sideband and DSB-SC sideband. Since the second harmonic distortion of this half frequency
distortion has the same frequency with target sound, it is considered that the target sound will be enhanced in
demodulation.
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(a) Overview. (b) Geometry of target area.

Figure 4 – Sectional view of relationship between multi-way PAL and demodulated sound.

2.3 Hardware Design of Proposed Multi-way Parametric Array Loudspeaker
The hardware design of proposed multi-way PAL is also studied for a better reproduction performance. The

arrangement of multi-way PAL influences the size and position of target area where the sounds of T-PAL and
W-PALs can be heard at the same time. The number of UTs influences the SPL of the demodulated sounds.
Since PAL has a very sharp directivity, the audible areas of W-PALs and T-PAL must be overlapped. In this
subsection, the parameters of the target area can be calculated theoretically. Figure 4 shows a sectional view
of the relationship between demodulated sounds and the arrangement of multi-way PAL. In this proposal, as
shown in Fig. 4(a), W-PALs are divided into two parts in vertical, and are closely spaced to create a focal
point. We have confirmed that the demodulated sound at the focal point does not attenuate though the W-PALs
are set separately in vertical. Due to the creation of the focal point, the target area becomes small, but the
demodulated sound quality can be improved at the target area around the focal point. Based on the preliminary
experiment in Section 3, the number of UTs is set under a proportion of 3:1:3 for upper W-PALs, T-PAL, and
lower W-PALs.

In Fig. 4(b), xF denotes the distance between multi-way PAL and focal point, xL and xH denote the array
length of W-PALs and T-PAL respectively, θL and θH denote the directional angle of W-PALs and T-PAL
respectively. The angle between W-PALs and T-PAL is denoted with φ and can be indicated as follows:

φ = arctan
(

xL

2xF

)
+ arctan

(
xH

2xF

)
. (8)

The distance between T-PAL and beginning of target area (line segment OB) can be indicated as follows:

OB =
xH

2
tan(90◦−φ −θL). (9)

The propagation area at the focal point (line segment AD) can be indicated as follows:

AD =
xL

2
+ xF tanθL. (10)

The width of the target area is the same as the propagation area of T-PAL and can be calculated with Eq. (10).
By utilizing the law of sines in triangle ACD, the distance between the focal point and the end of the target

area (line segment AC) can be calculated as:

AC =
(xL

2
+ xF tanθL

) sin(90◦+θL)

sin(φ −θL)
. (11)

In the case φ ≤ θL, the point C does not exist any more, and the demodulated sounds of W-PALs overlaps with
the demodulated sound of T-PAL endlessly. Except of this case, the depth of the target area (line segment BC)
is limited and can be calculated as:

BC = OA+AC−OB, (12)

where OB and AC can be calculated with Eq. (9) and (11), OA can be set manually because the focal point A
is created by adjusting the direction of W-PALs and the position of focal point A can be controlled.
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3 PRELIMINARY EXPERIMENT ON NUMBER OF ULTRASONIC TRANSDUCERS

FOR MULTI-WAY PARAMETRIC ARRAY LOUDSPEAKER
3.1 Conditions of Preliminary Experiment on Number of Ultrasonic Transducers

A preliminary experiment is carried out to determine the proportion of UTs for W-PALs and T-PAL. The
demodulated SPL is extremely low if the number of UTs is small, so we set 100 UTs in a certain unit of
multi-way PAL. 1 unit of the proposed multi-way PAL is shown in Fig. 5. There are 4 or 5 UTs in vertical
and 22 UTs in horizontal, to achieve the closest packing for a better performance of wavefront synthesis. Units
adjoin on the long side and constitute W-PALs and T-PAL.

In the preliminary experiment, we first measured the power spectrum of demodulated sound. Then the pro-
portion of UTs is calculated based on the average SPL of low-frequency and high-frequency in demodulated
sound. Because of the array effect in PAL, with the increase of UTs, the SPL becomes higher than the calcu-
lation. Hence, we also calculated the average SPL with different numbers of UTs and confirmed the necessary
proportion of UTs. The experimental conditions and equipment to measure the power spectrum are shown in
Tables 1 and 2. The experimental conditions to measure the average power with different number of UTs are
shown in Table 3. The modulated waves are normalized to reach a maximum amplitude of (215−1) and emitted
under the maximum permissible voltage (16 V). The necessary UTs for low-frequency is calculated with the
following equation to reach the same level of demodulated SPL with high-frequency.

nL = nH

√
PH

PL
. (13)

Here, nL and nH denote the number of UTs for low-frequency and high-frequency respectively, PL and PH
denote the average power of low-frequency and high-frequency respectively. PL and PH can be indicated as:

PH =
1

fmax−Ω

fmax

∑
f=Ω

P( f ), (14)

PL =
1

Ω− fmin

Ω

∑
f= fmin

P( f ), (15)

where P( f ) denote the power spectrum with frequency index f , fmin denotes the minimum frequency of target
sound (0.1 kHz), fmax denotes the maximum frequency of target sound (8 kHz).

3.2 Results of Preliminary Experiment on Number of Ultrasonic Transducers
The power spectrum of demodulated sound is shown in Fig. 6. It is observed that the demodulated SPL

under 1 kHz is extremely lower than that of 2, 3 kHz. Therefore, in this paper, we set Ω = 1 kHz and
enhance the sound under 1 kHz. Moreover, the measured average power of low-frequency (0.1~1 kHz) and

Figure 5 – One unit of the proposed multi-way PAL.

Table 1 – Experimental conditions to measure the power spectrum.

Environment Office room (T60 = 650 ms)
Ambient noise level LA = 32.4 dB

Temperature / Humidity 24.0◦C / 33.7 %
Distance between microphone and PAL 2.0 m

Sampling frequency / Quatization 192 kHz / 16 bits
Sound source White noise (0.1~8 kHz)

Number of UTs 200
Modulation SSB ( fC = 40 kHz / mSSB = 1)
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Table 2 – Experimental equipment to measure the power spectrum.

Ultrasonic transducer SPL (Hong Kong) Limited, UT1007-Z325R
Power amplifier JVC, PS-A2002

Microphone SENNHEISER, MKH 416-P48
A/D, D/A converter RME, FIREFACE UFX

Table 3 – Experimental conditions to measure the average power.

Crossover frequency Ω = 1 kHz
Number of UTs 100, 200, 300, 400, 500, 600, 900, 1200 and 1500

Modulation SSB ( fC = 40 kHz / mSSB = 1),
M-DSB( fC = 40 kHz / mDSB = 1, mSC = 1)

Figure 6 – Power spectrum of demodulated sound. Figure 7 – Average SPL of demodulated sounds.

high-frequency (1~8 kHz) are 51.4 dB and 67.5 dB respectively. It is known that the difference in average
power is 16.1 dB. From Eq. (13), it is necessary to set W-PALs 6.4 times as many UTs as T-PAL. The
average SPL of demodulated sound is shown in Fig. 7. From Fig. 7, it is known that when (nL, nH) =
(500, 100),(1200, 200), the low-frequency and high-frequency reach the same level of SPL. Hence, in this
paper, we set (nL, nH) = (1200, 200) for the proposed multi-way PAL to achieve a higher SPL of demodulated
sound.

4 EVALUATION EXPERIMENT ON SOUND QUALITY FOR MULTI-WAY

PARAMETRIC ARRAY LOUDSPEAKER
4.1 Conditions of the Trial Multi-way Parametric Array Loudspeaker

Based on the results of preliminary experiment in Section 3, we assembled a trial multi-way PAL as shown
in Fig. 2. The number of UTs is set to (nL, nH) = (1200, 200) as discussed, so the array length of W-PALs
and T-PAL are set to (xL, xH) = (0.33 m, 0.11 m). The position of focal point is set to xF = 2.0 m.

(a) Woofer PAL(600 UTs, xL=0.33 m). (b) Tweeter PAL(200 UTs, xH=0.11 m).

Figure 8 – SPL distribution of trial multi-way PAL.
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We first carried out an experiment measuring the SPL distribution to confirm the directivity of the trial
multi-way PAL. The measurement is under the same condition as shown in Tables 1 and 2. Figures 8(a) and
8(b) show the SPL distribution of W-PAL and T-PAL respectively. The directional angles are calculated from
the SPL distribution, θL = 15.8◦ and θH = 7.9◦. The directivity angle is defined as the angle to the point
where the SPL of the demodulated sound is attenuated 6.0 dB in the horizontal direction of the focal point. By
substituting these parameters into Eq. (8), it is calculated that φ = 6.3◦. Therefore, under the condition φ ≤ θL,
it is known that the demodulated sounds of W-PALs and T-PAL will coincide all the way in the propagation
direction. Moreover, the width of target area is 0.7 m, which is large enough for the size of a human head.

4.2 Conditions of Objective Evaluation Experiment on Frequency Response
An objective evaluation experiment is conducted to confirm that the proposed multi-way PAL can achieve

a flat frequency response by using M-DSB modulation and multi-way hardware design. In this experiment,
demodulated sounds are recorded at the focal point, and the experimental conditions and equipment are same
as that shown in Tables 1 and 2. As a comparison, we prepared 4 patterns as shown in Table 4. Conventional
method (W-DSB modulation) utilizes DSB modulation for low-frequency, so it is able to say that M-DSB is
more effective if M-DSB can enhance low-frequency better than DSB. Then, to measure the flatness of power
spectra, the average error of power spectra Perr is calculated as follows:

Perr =
1

fmax− fmin

fmax

∑
f= fmin

|P( f )−Pµ | (16)

where Pµ denotes the average of the power spectrum. A smaller value of Pµ implies a flatter frequency response.

4.3 Results of Objective Evaluation Experiment on Frequency Response
The power spectra and the average error of demodulated sounds at the focal point are shown in Fig. 9 and

10 respectively. The average SPL of demodulated sounds at the focal point are shown in Table 5. From Fig.
9 and Table 5, it is known that M-DSB can achieve a higher SPL than conventional DSB modulation at both
low-frequency (1.1 dB) and high-frequency (1.8 dB). The second harmonic distortions are generated less at low-
frequency, so the enhancement at low-frequency may be less effective than high-frequency. It is also known that
the proposed method reaches a much higher SPL at low-frequency (6.0 dB) since it utilizes exclusive W-PALs.
And from Fig. 10, it is observed that the proposed method achieves a lower average error than other methods,
and it implies that the proposed method has a flatter frequency response than other methods. Therefore, it
is confirmed that it is possible to enhance the target SPL with M-DSB modulation and multi-way hardware

Table 4 – Comparison in objective evaluation experiment.

Name Modulation for W-PAL Modulation for T-PAL
(low-frequency) (high-frequency)

SSB SSB SSB
DSB DSB DSB

M-DSB M-DSB M-DSB
Proposed M-DSB SSB

Figure 9 Power spectra of demodulated sounds at focal point.
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Figure 10 Average error of demodulated sounds at focal point.

Table 5 – Average SPL of demodulated sounds at focal point [dB].

SSB DSB M-DSB Proposed
Low-frequency sound 64.8 69.9 71.0 77.0
High-frequency sound 85.9 88.0 89.8 72.3

construction, especially at low-frequency. Moreover, it is confirmed that the flattest frequency response at the
focal point is realized with the proposed method.

5 CONCLUSIONS
In this paper, we propose a multi-way PAL to improve the low-frequency which is difficult to reproduce. M-

DSB modulation is proposed for low-frequency reproduction, and a hardware design which employs more UTs
for low-frequency than high-frequency is studied as well. The effectiveness of the proposed method is confirmed
by evaluation experiments, and it is known that the proposed method can achieve a flat frequency response. In
the future, we will carry out an evaluation on directivity, and subjective evaluation on sound quality.
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Abstract
A common mean to achieve narrow directive patterns consists in using loudspeaker arrays. Generally, the
position of the sources in the array is arbitrarily fixed, for instance by using a regular spacing. The filters for
each speaker are then calculated to get the desired acoustic field. In some cases, the predefined speaker positions
might not be the optimal ones. Moreover, the diffraction on the source body may not be negligible for medium
range applications. In this paper, we propose a two-step approach to overcome these problems. First, the
radiation modes of the enclosure are computed. They are used in an inverse scheme, to find the most efficient
vibration patterns over the enclosure, able to generate a target field at some chosen frequencies. These vibration
patterns are then used to define the positions and sizes of actual loudspeakers on the enclosure. In a second step,
a sound zone algorithm is used to calculate the signals driving the speakers. This yields a very narrow directivity
pattern with reduced side lobe amplitudes. The proposed method is tested both numerically and experimentally
and results are reported. A discussion about the pros and cons of the proposed approach is then provided.

Keywords: Sound, Insulation, Transmission

1 INTRODUCTION
The problem of acoustical sound zoning (SZ) is widely studied in the literature. Generally, the SZ techniques

use arrays of loudspeakers which are intuitively placed, what is not always an optimal choice [9, 25, 7, 26, 5].

The problem of sources position optimisation has also been addressed in the literature. Two main strategies

were proposed: (1) selection of the most suitable positions among proposed ones [3, 17, 15] or (2) optimisation

of the positions [13, 4, 1, 2, 8, 24] via minimisation of a cost function or by using the gradient method. In this

work we propose to design the source through the radiation mode (RM) method [23], which allows to obtain

volume velocity distribution over a surface, adapted for a given radiation problem. The capacity of the RM

method to recreate far-field source radiation has been shown in previous works [11, 20, 21, 22, 19]. Here we

propose to use the provided velocity distribution over the surface as an indication of the optimal number and

positions of the loudspeakers, as well as their sizes. A brief presentation of the method is given in Sec 2, the

description of the problem and numerical simulations are presented in Sec 3 and validated by measurements in

Sec. 4. Results are summarized in Sec. 5.

2 THEORY
2.1 Radiation mode method
The “radiation modes” method is inspired by an inverse acoustic imaging technique: the IBEM-NAH regular-

ized by singular value decomposition (SVD) [10] that has been proposed by Veronesi and Maynard [27]. As

the derivation of the method has already been described in [21], only a brief summary will be given here.
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The pressure radiated by a vibrating object of surface S can be calculated from the following integral formula-

tion [6, 16]:

p(�x) =
∫
S

(∂G
∂n

(�x−�xs) ps −G(�x−�xs)
∂ ps

∂n

)
dS (1)

where �x is the location of a point anywhere outside S, �xs is the location of an element dS of S, ps = p(�xs) is the

parietal pressure at �xs, ∂n denotes the normal derivative on dS and G is the usual Green function G(�x−�xs) =
1

4π
e jk|�x−�xs |
|�x−�xs| , assuming a e− jωt time convention.

Formulation 1 may be extended over the surface S, thus relating the surface pressure ps to the normal compo-

nent of the vibration pattern ∂ ps
∂n over S. This integral equation can then be solved numerically by discretizing

the source surface S with an adequate mesh. Assuming that the pressures and velocities are constant over each

mesh element, the formulation 1 may be reduced to the following matrix form [14, 28]:

1

2
ps = Mqs −Dps (2)

where qs is the discretization of the normal component of the vibration pattern over S. A pressure ps over S
can then be expressed as ps = Zqs, where the impedance matrix Z is computed as:

Z =

[
1

2
I+D

]−1

M (3)

where I is the identity matrix.

The impedance matrix Z defined by eq. 3, which is independent of any actual vibration pattern, may then be

expanded trough a SVD. The resulting singular vectors are independent solutions of the associated radiation

problem, called the radiation modes (RMs). The present approach assumes that the target pressure zone is in

the far-field, where only the propagative terms are significant. The imaginary part of the impedance matrix,

corresponding to the evanescent field, can thus be neglected and the RMs can therefore be calculated by SVD

of the real part only of the impedance matrix:

ℜ(Z) = UΣV∗ (4)

where ∗ means the conjugate transpose of a matrix. U and V are sets of vectors corresponding to the pressure

and the volume velocity of each "mode" respectively, and Σ is a diagonal matrix composed of positive real

values related to the radiation efficiencies of the RMs.

2.2 Expansion coefficients
The far-field pressure anywhere around the source pt can therefore be expressed as the superposition of N
RMs: pt = Htw where Ht is the transfer matrix relating RMs over S to the corresponding pressures pt at

the target locations. The weight coefficients w determine the excitation of each term of the series. Using the

Moore-Penrose pseudoinverse of transfer matrix Ht between modes and pressures pt, the coefficients w can be

determined as:

w =
H∗

t
‖ Ht ‖2 pt (5)

A simple regularization method consists in truncating the expansion to the N most efficient RMs, where N is

chosen according to the desired accuracy (eg by keeping, say, 98% of the cumulated efficiency in matrix Σ).

Equation 5 is thus restricted to rank N when computing w.
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This allows to estimate a volume velocity q distribution over the surface S, which radiates a desired pressure

pt, with maximum efficiency. Here q is simply obtained as the superposition of the RM volume velocities V
weighted by the coefficients w (eq. 6), and it will be used to identify optimal positions of discrete sources for

pressure synthesis.

q = Vw (6)

2.3 Sound zone as a pressure target
We now consider two zones: one with high acoustic energy ("bright zone" with pressure pB) and the other with

lower pressure level ("dark zone" with pressure pD). In the present study, the target pressure pt is defined over

the bright zone, and only a mean pressure level D0 is defined in the dark zone. Therefore, we need to relax

the constraints expressed at all points by equation 5 when computing w. It is here proposed to use a classical

acoustic contrast control (ACC) technique. We chose the pressure matching method [5] which objective is to

impose a target pressure with maximum level in the bright zone, while creating an acoustic contrast between

the bright and the dark zones, by minimizing of the following cost function J:

J = [pB −pt]
∗[pB −pt]+ [p∗

DpD−D0] (7)

The optimal source strength qopt, that minimizes the cost function J is:

qopt = [G∗
BGB +μG∗

DGD]
−1[G∗

Bpt] (8)

here μ is a positive real coefficient which tunes the relative importance of the contrast condition, GB and GD
are the transfer matrices relating source strengths with pressures at MB or MD points, respectively located in

bright and dark zones.

This technique can be incorporated into the RM method, according to the similarities between pressure repre-

sentation through the source strength in ACC techniques and the one through the RMs:

p = Gq = Hw (9)

Here, G is the transfer matrix relating N loudspeakers membrane volume velocities q with pressures p in M
points, and H is the transfer matrix between N surface RMs and pressures p in M points. Hence, instead of

driving array sources by the adapted signals qopt from eq. 8, one can "drive" the series of modes using adapted

RM coefficients wopt determined as:

wopt = [H∗
BHB +μH∗

DHD]
−1[H∗

Bpt] (10)

Eq. 6 is thus rewritten as:

q = Vwopt (11)

3 SIMULATIONS
3.1 Test case
As a first case study, we use a 53×53×18 cm enclosure placed at 70 cm in front of a rigid wall. Acoustically

bright zone is a 40×40 cm square spot on the wall in front of enclosure. The target pressure level is 100 dB.

A 1 m diameter zone around bright zone and 1 m diameter cylinder around enclosure ended by an half-sphere

compose the dark zone, in which the pressure level should be attenuated by at least 15 dB. The problem is

depicted in Figure 1.

For the numerical calculation, the enclosure surface is discretized by a mesh with 3 mm elements, bright zone

by MB = 81 points regularly spaced by 5 cm, and dark zones on the wall (D1) and around the surface (D2)
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Figure 1. Problem schema
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Figure 2. Numerical representation of the problem

are presented by MD1 = 864 and MD2 = 2324 points respectively (Figure 2). The rigid wall is modelled as an

infinite reflecting plane.

The RMs and their corresponding HB + HD matrices were computed using a custom BEM code developed at

LMA, dedicated to field expansion ("FELIN": Field ELement INdependence).

3.2 Modal volume velocity interpretation
For now, analysis of the modal velocity distribution is a tricky task for two main reasons. First, a trade-off

must be found to determine the number N of RMs, as it must allow an accurate enough description without

leading to complex vibrating shapes which could hardly be reproduced in practice. A second challenge is to

convert the frequency-dependant velocity distributions over surface S into a small set of frequency-independent

discrete sources.

First simulations showed that up to 1 kHz, 20 to 35 modes can be sufficient for sound reconstruction. Thus, we

took 35 modes to estimate the distributions of the modal volume velocity over S. They are presented in Figure

3 at several frequencies (200 Hz, 500 Hz, 750 Hz and 900 Hz). Visual analysis helped to establish the general

features of the velocity distributions. Almost for all frequencies there are 5 accentuated zones at the rear side

of the structure: 4 zones in-phase at the corners and the 1 in the center. The locations for the front side is less

obvious: At most frequencies it does not seem to play any important role in the generation of sound. Though,

at medium frequencies its contribution becomes very significant, with a vibrating central zone of size varying

with frequency.

After few tests that are detailed in [18], a 4 channels system has been defined: (1) 1 loudspeaker in the front

side center (Audax HM 170 GO with membrane diameter of 13 cm), (2) 16 small diameter loudspeakers building

an annular zone around the center (Aura NSW2-326-8A with membrane diameter of 4,4 cm), (3) 1 loudspeaker

on the rear side center Beyma 5P200/Fe, membrane diameter of 12 cm, (4) 4 loudspeakers at the rear side

corners Dayton RS100-8, membrane diameter of 7.7 cm. On the front side, the combination of the center loud-

speaker with the ring of smaller ones allows to vary the size of the vibrating zone. This source arrangement is

inspired by a previous work where a loudspeaker ring was used to obtain a wide reproduction zone [12].

After selecting the transducer locations over the enclosure, the driving signals may be computed by one of the

sound zone techniques as for a conventional array. In the present work we use again the pressure matching

technique. The optimal source strength vector qopt is thus obtained from equation 8.
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Figure 3. Modal volume velocity distribution over the surface for different frequencies

(level and phase, front and rear view)

3.3 Design validation
To control the performance of the system, we propose to use 3 metrics. Global acoustical contrast CG, describes

the difference of the acoustical power in the bright and dark zones. Higher value of this metric indicates better

performance. Expressed in decibels, the global contrast is [9]:

CG = 10log10

(
MD

MB
× pB

∗pB

pD∗pD

)
(12)

Similarly, the local acoustical contrast CL is defined between the pressure over the bright zone zone, and the

one over the dark zone D1, both in front of the system.

CL = 10log10

(
MD1

MB
× pB

∗pB

pD1∗pD1

)
(13)

The normalised reproduction error compares the desired pt and reproduced pB fields in the bright zone [7]:

ER = 10log10

(
(pt −pB)

∗(pt −pB)

pB∗pB

)
(14)

For this last metric, a smaller value indicates a better performance, with 0 dB corresponding to a high error

level (equal to the target field level).
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Figure 4 presents the simulation of the 4-channel source metrics while Figure 5 shows the pressure field radiated

at MB and MD points for several frequencies. We can observe the ability of proposed source to maintain an

almost constant contrast level between the zones at all frequencies as well as good synthesis accuracy.
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Figure 4. Metrics for the numerical model
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Figure 5. Radiated pressure maps of the numerical model

4 REALISATION AND MEASUREMENT
An experimental validation was held in the CTTM semi-anechoic chamber. The system was fixed on a turn-

ing table flush mounted in the room floor. The pressure behind the system was measured thanks to a wooden

support equipped with 18 microphones (Figures 6 and 7). Assuming symmetrical radiation of sources, measure-

ments of the
1

4
of space were taken, by rotating the system 90◦ around its axis. Pressure measurements (zones

B and D1) were also recorded on the floor by using a metallic stem holding 11 microphones spaced by 10 cm

(Figure 8).

The driving signals were generated by a RME Fireface US audio interface and amplified for different groups of

loudspeakers by a multichannel amplifier HPA QA4150. Pressure field was measured with 29 1
4 ” PCB 130D21

microphones and acquired through National Instruments boards NI PXI-1045 using the INTAC software.

The driving commands were computed from eq. 8, using measured transfer functions between 4 channels and

microphones. Satisfactory results are presented in Figures 9 and 10, showing a constant contrast level and accu-

rate target pressure synthesis. A discrepancy between desired and real pressure generation in the bright zone can

however be noticed at 200 Hz. It is probably due to the differences between the 4 actual corner loudspeakers,

assumed identical and identified as a single source during the computation of the commands.
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Figure 6. Schema of the

measurement setup

Figure 7. Photo of the

measurements setup

Figure 8. Photo of the

source on the turning table
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Figure 9. Metrics for the experimental mock-up
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Figure 10. Measured maps of the radiated field for several frequencies

5 CONCLUSION
The aim of the present work consisted in designing a directive source able to generate a predefined field with

a high spatial contrast. In order to reduce the number of loudspeakers to the minimum possible, we used the

radiation mode method as an indication of the most suitable transducer locations and sizes. The visual analysis

has permitted to design a source, that responds to all imposed conditions. First numerical and experimental

results are very promising, and motivate further investigations. For instance, genetic algorithms could be used

to select the optimal number, diameters and locations of speakers on the enclosure using the RMS.
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Abstract
Compact spherical/cubical loudspeaker arrays are used as beamformers to radiate focused sound with adjustable
direction. A common enclosure housing all the transducers is easier to manufacture but acoustically couples
their motion, which appears to make their independent control more challenging. However, simple analytic IIR
filters to control cubical arrays were recently published and motivate the effort to investigate their existence
for more general common-enclosure arrays in the future. This contribution describes the analytic model of
the interior crosstalk in (i) rectangular cuboid enclosures housing multiple piston-shape transducers and (ii) in
spherical enclosures housing multiple cap-shape transducers. For both models, this contribution shows the ac-
curate integrals over the interior modes that evaluate both the contribution of the transducers’ velocity boundary
conditions and the forces by which the produced pressure loads on active/passive transducers. A fully causal
model is obtained by assuming a damping constants for the interior modes. Both models are demonstrated and
for the cuboid model, the full electro-acoustic model is shown to compare well to laser velocity measurements
on a physical prototype. This verifies the model up to frequencies at which transducers break up into partial
vibrations. Higher-order interior modes often become irrelevant, as at high frequencies the transducer mass
starts to dominate. Simple, well-calibrated IIR control appear feasible, in general.
Keywords: acoustic coupling, common-enclosure cube/sphere loudspeaker arrays, cross-talk cancellation

1 INTRODUCTION
Sphere- and cube-shaped or platonic loudspeaker arrays have been discussed in various papers [3, 12, 5, 2, 13,
10, 9, 7, 1, 14, 11] that established the electroacoustic background and technology required to describe compact
spherical loudspeaker arrays built with electrodynamic transducers, in order to drive them with superdirectional
beamforming.

(a) Helmholtz and force integral (b) Cuboid enclosure (c) Spherical enclosure

Figure 1. The coupling forces between sending and a receiving parts of a coboid or spherical enclosure are
evaluated as impedance matrix using the Helmholtz integral over the vibrating surface Si and the resulting force
from the integrated pressure load on the receiver surface S j.

This work is inspired by the simple analytic models that works for a 4-channel horizontally beamforming loud-
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speaker cube [4], and it refines the models [13, 9, 7]. This is done with the purpose to simplify velocity
control, and might yield simple time-domain multichannel filters to digitally equalize the transducer velocities
and remove the cross talk of the interior acoustic coupling.
Based on the refined model and measurements, we can show which model parts are often negligible (e.g. higher
interior modes) or would be much effort for limited benefit (modal break up of the loudspeaker cone vibration).

2 ACOUSTIC COUPLING BETWEEN RIGID ENCLOSURE PARTS
The motion of transducers mounted on a common enclosure is coupled by the impedance Za,i j

Fj = ∑
i

Za,i jvi. (1)

that yields a force Fj due to any transducer velocity vi. To get the impedance, Za,i j, we calculate the force on
a resting, piston-shaped interior surface part S j by the integral Fi j =

∫
S j

p(sssj)dsss j of the sound pressure p(sss j)

loading on S j. The integrated sound pressure p(sss j) is caused by a piston-shaped surface part Si vibrating with
the velocity vi. It results from the Helmholtz integral p(sss j) =

∫
Si

∂ p
∂n Gdsssi = iωρ vi

∫
Si

Gdsssi using the interior-
problem Neumann Green’s function G(sssi− sss j). This function is observed at xxx with a source at xxx0, and it is
defined by the non-homogeneous Helmholtz equation with the wave number k = ω

c

(4+ k2)G =−δ
3(xxx− xxx0), (2)

and G fulfills the boundary condition ∂G
∂n(sss) = 0 everywhere perpendicular to the given enclosure sss ∈ S. It is

composed of interior modes G = ∑lmn γ ψlmn(xxx). These interior modes are countable, have 3 indices in 3D,
they are orthogonal (normalized)

∫∫∫
ψl′m′n′(xxx)ψlmn(xxx)d3xxx= δll′δmm′δnn′ eigenfunctions to the Laplacian 4ψlmn =

−k2
lmnψlmn, with the real-valued wave number k2

lmn as eigenvalue. The required modes and their eigenvalues
support the homogeneous normal velocity boundary conditions vn =

i
ωρ

∂ψlmn(sss)
∂n(sss) = 0 everywhere on the enclosure

sss ∈ S. Inserted into the Helmholtz equation ∑lmn(k2−k2
lmn)γ ψlmn(xxx)d3kkk =−δ 3(xxx−xxx0) and using orthonormality

by multiplication with ψl′m′n′ and integration over xxx, the unknown coefficient becomes γ = −ψl′m′n′ (xxx0)

k2−k2
lmn

so that

Green’s function becomes

⇒ G(xxx− xxx0) =−∑
lmn

ψlmn(xxx)ψlmn(xxx0)

k2− k2
lmn

=− lim
σlmn→+0

c2
∑
lmn

ψlmn(xxx)ψlmn(xxx0)

(ω− iσlmn)2−ω2
lmn

. (3)

A mode-specific positive and real damping constant σlmn has been introduced for a causal solution.

Coupling forces: Apart from obtaining problem-specific modes ψlmn, obtaining the coupling impedance Za,i j
requires to integrate the source mode ψlmn(sssi) over Si and the field mode ψlmn(sss j) over S j

Fj =−∑
i

vi ∑
lmn

iωρc2 ∫
Si

ψlmn(sssi)dsssi
∫

S j
ψlmn(sss j)dsss j

(ω− iσlmn)2−ω2
lmn

=−∑
i

vi ∑
lmn

Z(lmn)
a,i j = ∑

i
vi Za,i j. (4)

Lower modes integrate to a sample-and-weight approximation limlmn→0
∫

S ψlmn(sss)dsss=−ψlmn(xxx)
∫

S dsss=ψlmn(xxx)A
because they do not vary much over position

lim
lmn→0

Z(lmn)
a,i j =−

iωρc2 ψlmn(xxxi)Ai A j ψlmn(xxx j)

(ω− iσlmn)2−ω2
lmn

. (5)

Without approximation, the constant 0 Hz mode ψ000 =
√

V
−1

, ωlmn = 0 responds with the impedance to the
transducer velocity, with the known stiffness ρc2A2

V , and for simplicity σ000 = 0,

Z(000)
a,i j =−

iωρc2 Ai A j

ω2 V
=

ρ c2 Ai A j

iω V
. (6)
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2.1 Acoustic coupling between vibrating pistons of a rectangular cuboid enclosure
The interior modes for a rigid cuboid rectangular box uses cosine modes with corresponding wave numbers klmn

ψlmn(xxx) =
cos( π

Lx
l x)cos( π

Ly
my)cos( π

Lz
nz)√

LxLyLz(2−δl)−1(2−δm)−1(2−δn)−1
, k2

lmn = ( π

Lx
l)2 +( π

Ly
m)2 +( π

Lz
n)2,

and ensure zero-velocity boundaries ∂ψlmn
∂x

∣∣
x=0,Lx

= ∂ψlmn
∂y

∣∣
y=0,Ly

= ∂ψlmn
∂ z

∣∣
z=0,Lz

= 0, l,m,n ∈ N0. Appendix A
solves the integrals of the modes ψ(xxx) over both the emitting and receiving piston.

Solution: For evaluation at constant z and excitation at constant x, for instance, assuming a piston radius Rp,
we get the modal coupling impedance Z(lmm)

a,i j with all scalars and constants (ωlmn = klmnc)

Z(lmn)
a,i j =−

iωρc2 ψlmn(xxxi)
2Rp J1

(
π Rp

√
( l

Lx
)2 +( m

Ly
)2
)

√
( l

Lx )
2+( m

Ly )
2

2Rp J1

(
π Rp

√
( m

Ly
)2 +( n

Lz
)2
)

√
( m

Ly )
2+( n

Lz )
2

ψlmn(xxx j)

(ω− iσlmn)2−ω2
lmn

. (7)

The sample-and-weight approximation for low orders / small arguments J1(x) ≈ x
2 verifies the solution by ap-

proaching Eq. (5) for both modal multipliers; exemplarily: limlm→0
2Rp J1

(
Rpπ

√
( l

Lx )
2+( m

Ly )
2
)

√
( l

Lx )
2+( m

Ly )
2

= π R2
p = A.

2.2 Acoustic coupling between between vibrating caps of a spherical enclosure
The acoustic coupling in a spherical enclosure works similar as above, but uses interior modes of a sphere, a
direction vector θθθ , the variable radius r and R is the radius of the enclosure,

ψlmn(xxx) = Nln Y m
n (θθθ) jn

(
kln r

)
, with klmn = kln such that j′n(klnR) = 0. (8)

The spherical harmonics Y m
n (θθθ) are orthonormal

∫
S2 Y m

n Y m′
n′ dθθθ = δ mm′

nn′ , and the orthogonal spherical Bessel fuc-
ntions jn(klnr) are normalized by Nln as derived in Appendix B. The wave numbers kln need to be found to as
roots of j′n(klnR) = 0 to fulfill the boundary conditions; l,n,m ∈ N0 with 0≤ n, |m| ≤ n, and l counts the zeros
of j′n(klnR) = 0 upwards. Non-trivial modes jn(klnr) 6= 0 exist for n = 0,1 using l ≥ 0, and n > 1 with l ≥ 0.

Spherical cap function: The integral of Y m
n (θθθ) over a spherical cap at the radius R is known to be R2 Y m

n (θ0)an

an = 2π

{
cos α

2 Pn(cos α
2 )−Pn+1(cos α

2 )
n , for n > 0

1− cos α

2 , for n = 0.
(9)

Solution: The response is of the same structure as for the cuboid, only the middle part with the cap shapes is
now exactly square and contains the term N2

ln jn(klnR)2 R3 Eq. (23) (shorthand N2
ln jn(klnR)2 R3 = (2+δl)(klnR)2

(klnR)2−n(n+1) )

Z(lmn)
a,i j =−

iωρc2 Y m
n (θθθ i)

[
(an R2)2

R3 (N2
ln jn(klnR)2 R3)

]
Y m

n (θθθ j)

(ω− iσln)2−ω2
ln

; (10)

summation over m could be further simplified by ∑m Y m
n (θθθ i)Y m

n (θθθ j) =
2n+1

4π
Pn(θθθ

T
i θθθ j). App. B Eq. (25) verifies a

sample-and-weight approximation [anR2]2 = [2πR2(1− cos α

2 )]
2 = A2 for α → 0, which yields with the spherical

volume 1
R3 = 4π

3V and the shorthand normalizer Z(lmn)
a,i j = − iωρc2

(ω−iσln)
2−ω2

ln
Y m

n (θθθ i)
4πA2

3V

[
(2+δl)(klnR)2

(klnR)2−n(n+1)

]
Y m

n (θθθ j). For

the zeroth-order mode (Y 0
0 )

2 = 1
4π

this approximation is exact. For the modal frequency ω00 = 0 of l = 0 with

σ00 = 0, the square brackets yields 3, and we get the known stiffness Z(000)
a,i j =− iωρc2A2

ω2V = 1
iω

ρc2A2

V .
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parameter value unit parameter value unit

coil resistance Rc 3.2·1 Ω coil inductance Lc 0.6·10−3 H

transduction constant Bl 4.4·1 Tm

effective piston area A 129·10−4 m2 dynamically moved mass Mm 12·10−3 kg
equivalent volume Vm 38·10−3 m3 → stiffness Sm = ρc2A2/Vm 618·1 N/m

mechanical Q factor Qm 2.16·1 - → damping Rm =
√

MmSm/Q 1.26·1 Ns/m

edge length Lxyz 22·10−2 m → volume V = L3
xyz 10.6·10−3 m3

→ sphere radius R = 3
√

3V/4π 13.7·10−2 m
→ piston radius Rp =

√
A/π 6.4·10−2 m → cap size α = 2arccos

(
1− A/2πR2

)
54◦

Table 1. Electro-acoustic characteristics of the loudspeaker cube with Visaton WS170S 4Ohm transducers.

3 CROSS-TALK AND VELOCITY CONTROL: ELECTROACOUSTIC MODEL
Compact spherical loudspeaker array literature [13, 9, 8, 4] describes radiation as caused and controlled by
the boundary condition that the housing and transducer velocities v j impose. Transducers are fed by voltages,
therefore directivity/radiation control seeks the driving voltages Ui able to synthesize transducer velocities v j
in a desired constellation. We complement the acoustic coupling from above with a complete electro-acoustic
model. As outlined in [4, 8], the transducer voltage corresponds to its current times impedance (static-coil
impedance Zc,i consists of inductance and resistance) plus the voltage induced by the transducer’s velocity (we
use s = iω)

Ui = Zc,i Ii +Uind,i, with Zc,i = Rc,i +Lc,is. (11)

Induction by velocity and the relation between current and force are described by the transduction constant Bli

Fi = Bli Ii, and Uind,i = Bli vi, (12)

and the force is proportional to the mechanical transducer impedance (Zm,i, mass, damping, and stiffness)

Fi = Zm,i vi +Fa,i, , with Zm,i = Mm,i s+Rm,i +Sm,is−1 (13)

plus the acoustic force Fa.i loading on the transducer, which couples the transducer velocities, see Eq. (4),

Fa,i =
L

∑
j=1

Za,i j v j. (14)

The exterior acoustic impedance is typically negligible and therefore disregarded. Altogether, we get a system
mapping the desired output velocities to the required input voltages

Ui = Zc,i Ii +Uind, i = Zc,i
Fi

Bli
+Bli vi = Zc,i Bl−1

i

(
Zm,ivi +∑

j
Za,i jv j

)
+Bli vi (15)

= ∑
j

[
Bliδi j +Zc,i Bl−1

i Zm,iδi j +Zc,i Bl−1
i

(
∑
lmn

Z(lmn)
a,i j

)]
v j.

Stacking velocities and voltages into vectors vvv = [v j], uuu = [Ui], and transduction factors into a matrix CCC =

[Bliδi j + Zc,i Bl−1
i Zm,iδi j + Zc,i Bl−1

i ∑lmn Z(lmn)
a,i j )]i j, we write the multiple-input-multiple-output system (MIMO)

compactly as uuu = CCC vvv. Of the acoustical Eq. (4), electrical Eq. (11), and mechanical impedances Eq. (13),
the cross-talk-cancelling, velocity-controlling MIMO system CCC only contains parallel combinations, i.e. causal,
parallel filters. Consequently, if all electro-acoustic components Rc,i, Lc,i s, (=Zc,i), Mm,i, Rm,i, Sm,i, (=Zm,i), Bli,
Za,i, α , R a, V , σlmn are identified, we get a well-defined control system delivering the voltages uuu required to
obtain the desired velocities vvv. It can directly be implemented, as is, by parallel, digital IIR filters.
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4 EXPERIMENTAL STUDY: CUBOID AND SPHERE ARRAY
To inspect the coupling and electro-acoustic model, we consider a concrete example geometry based on an
IEM loudspeaker cube [6, 4]. It houses transducers at 0◦, 90◦, 180◦, −90◦ in azimuth at zero elevation. First
we inspect the coupling model assuming either a cube housing or an equivalent-volume sphere housing (with
equivalent-piston-area cap sizes). Tab 1 specifies the parameters.
Fig. 2 shows the frequency response of the force F1. The geometry and parameters are Lx = Ly = Lz = 23 cm
(cube), radius 14.3 cm (sphere), piston Rp = 6.4 cm, ρ = 1.2, c = 343, σlmn =

1+ωlmn/(2π300)
0.14 3ln10. Monopole

[vi] = [1,1,1,1], dipole [vi] = [1,0,−1,0] and quadrupole [vi] = [1,−1,1,−1] velocity patterns were inserted,
modes used up to 15 kHz and maximum indices of the simulated modes were N = 18. Regardless of the
cube or sphere enclosure: Between simplified sample-and-weight Eq. (5) (left) and proper piston/cap-integrals
Eq. (7)/(10) (right), differences are drastic: Bessel-function/sphere-cap factors attenuate higher-order modes and
reduce their long low-frequency skirts, which is more accurate if assuming piston/cap loudspeakers. At 0 Hz,
only the velocity monopole pattern is loaded by volume stiffness Z(000)

a,i j , therefore equivalent cube/sphere vol-
umes and equivalent piston/cap areas were chosen for easy comparison. The high-frequency amplitude drop for
the sphere enclosure stems from the limit kR < N at 6.3 kHz, i.e. N = 18 was chosen slightly too low.
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Figure 2. Frequency response in dB of the acoustic coupling force F1 at the first transducer of four (horizontally
every 90◦) of a loudspeaker cube (solid) or equivalent-volume sphere (dashed) for specific velocity patterns:
monopole (mon), dipole in x direction (dipx), or quadrupole (quad); the dotted response is the added force of
the mechanical load Zm Eq. (13) for transducers of Tab. 1. The left response considers a simplified sample-and-
weight solution, the right one uses proper Bessel-function/sphere-cap factors.

For the cube housing, we compare the electro-acoustic model with open Laser-Doppler vibrometry measure-
ments1 of the transducer velocities when driving every single input voltage of a multi-channel amplifier.
It is important to note that the measurements of the loudspeaker cube contains a 101 Hz, 3rd order Butterworth
high pass of the Laser vibrometer that was removed from the responses shown below. When transformed to the
DFT domain, the measurements describe the inverse control system at every frequency bin uuu = TTT vvv. This matrix
TTT−1 is inverted to obtain the control system CCCmeas at every frequency bin, which is comparable to the model
CCC. Figure 3 compares measurement and model in terms of the voltage frequency response of the first of the
loudspeaker cube’s input channels, when desiring different velocity patterns as in the simulation above.
The comparison is done either when using only the first mode at 0 Hz (left) or all the interior modes up to
15 kHz (right). It becomes clear that above 800 Hz, the required voltages drops considerably, when compared
to the model. Obviously the loudspeaker does not exhibit the mechanical-impedance related rise by Lc Mm s2/Bl,
cp. Fig. 2. This happens as the transducer cone does not move as a solid mass anymore, and 800 Hz appears to
be the modal break-up frequency of the cone. Above this frequency, precise modeling would be difficult, but is
also unimportant for beamforming that only requires precision below the spatial aliasing limit, i.e. f <746 kHz.

1http://phaidra.kug.ac.at/o:67626
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Figure 3. Model voltages of the loudspeaker cube array in dB over frequency, when the array is driven
in the velocity patterns [1,1,1,1] (monopole, mon), [1,0,−1,0] (dipole in x direction, dipx), or [1,−1,1,−1]
(quadrupole, quad), compared to the frequency-domain matrix-inverted velocity measurements from voltages.
left: acoustic crosstalk only considers 0 Hz compression mode, right: all the modes up to 15 kHz. Above
800 Hz the loudspeaker cone oscillates in partial vibrations.

Between 300 and 800 Hz, the required voltage is modeled sufficiently well by the acoustic system without
coupling. The mode at 746 Hz, see Fig. 2 (right), obviously does not have much influence (2dB on the dipole
response in measurement and model, between 600 Hz and 800 Hz). In this regard, the simple impedance
coupling of only the 0 Hz mode Eq. (6) without any further term is sufficient, as in [8, 4] and Fig 2 (left).
The remaining deviations between model and measurement below 200 Hz that amount to a couple of dB are
not explained well, however the model parameters from the technical specifications were not individually tuned.

5 CONCLUSION
This work demonstrated how to analytically model physical acoustic forces coupling multiple loudspeakers
whose back sides are connected via the common cuboidal Eq. (7) or spherical enclosure Eq. (10).
For most cases, a drastic simplification will be sufficient as in [8, eq.31]: the most relevant mode to consider
is the 0 Hz compression mode Eq. (6) of the air enclosed. It yields the known volume stiffness as impedance

Zi j =
iρ c2 AiA j

iω V of the acoustic coupling, to which the net of all surface-weighted loudspeaker velocities con-
tribute constructively/destructively. This is because at frequencies above the loudspeaker resonance frequency,
the transducer mass dominates the impedances, what makes coupling by higher modes negligible.
The full electro-acoustic model for frequencies below which the loudspeaker cone breaks up into partial vibra-
tions promises a full, causal, feed-forward IIR transducer velocity control, without the need for MIMO system
inversion. However it is assumed that transducer and enclosure parameters need to be identified accurately and
individually than given in the specificantions, when employed in superdirectional beamformers.
In addition to the electro-acoustic components requiring a third-order control system for every transducer, the
acoustic compression mode increases the system order by one and couples the transducers at low frequencies.
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A CUBOID PISTON INTEGRALS
Integrating ψlmn(xxx) over a disk, e.g., at z = 0, or z = Lz of the radius R and centered at x = a,y = b, we get
with scalars

√
(2−δl)(2−δm)(2−δn)

√
LxLyLz

−1 or (−1)n
√
(2−δl)(2−δm)(2−δn)

√
LxLyLz

−1 excluded

Irect,ϕ,r =
∫∫

D(R,a,b)
cos[ π

Lx
l x]cos[ π

Ly
my]dxdy =

∫ R

0

∫ 2π

0
cos[kx (r cosϕ−a)]cos[ky (r sinϕ−b)]dϕ rdr (16)

By cosα cosβ = cos(α+β )+cos(α−β )
2 the term cos[kx (r cosϕ−a)]cos[ky (r sinϕ−b)] becomes∫ R

0

∫ 2π

0

1
2 [cos(kxr cosϕ + kyr sinϕ− kxa− kyb)+ cos(kxr cosϕ− kyr sinϕ− kxa+ kyb)]dϕ rdr

where obviously we can gather the two sinusoids to one by Acosx+Bsinx =
√

A2 +B2 cos(x+ arctan B
A ) above,

and essentially reformulate both expressions to cos[C cos(x+D)+E] whose integral over x becomes∫ 2π

0

1
2 cos[C cos(x±D)+E±F ]dx = cos(E±F) 1

π
J0(A), (17)

and therefore in sum [cos(E +F)+ cos(E−F)] 1
π

J0(A) = cosE cosF 2
π

J0(A). The inner integral in Eq. (16) is

Irect,ϕ = cos( π

Lx
l a)cos( π

Ly
mb) 2

π
J0
(
r π

√
( l

Lx
)2 +( m

Ly
)2
)
, (18)
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and is integrated
∫ R

0 r dr; DLMF says
∫ x

0 xJ0(x)dx = xJ1(x), so
∫ R

0 r J0(kr)dr = 1
k2

∫ kR
0 kr Jn(kr)dkr = R

k J1(kR),

Irect,ϕ,r =
∫ R

0
Irect,ϕ rdr = cos( π

Lx
l a)cos( π

Ly
mb)

2RJ1
(
Rπ

√
( l

Lx
)2 +( m

Ly
)2
)√

( l
Lx
)2 +( m

Ly
)2

. (19)

B SPHERICAL MODE NORMALIZATION AND SMALL CAP
Orthogonality of the spherical Bessel functions fulfilling the boundary conditions j′n(α) = j′n(β ) = 0 is typically
proven by inserting two different eigenvalues α,β , into the differential equation, and by integration over the
spherical Bessel function with the respective other eigenvalue, yielding a difference of both equations

α R j′n(α) jn(β )−β R jn(α) j′n(β ) =
−α2 +β 2

R2

∫ R

0
jn(α

R r) jn(
β

R r)r2 dr. (20)

Inserting α = klnR and β = kl′nR zeros the left side by the rigid condition j′n(klnR) = j′n(kl′nR) = 0. With
l 6= l′, the factor −α2+β 2 is non-zero so that the integral

∫ R
0 jn(α

R r) jn(
β

R r)r2 dr = 0 must be zero, verifying the
orthogonality of jn(klnr) and jn(kl′nr). The integral needn’t vanish for l = l′: its factor −α2 +β 2 = 0 vanishes.

We also need to know the missing normalization term Nln, which we find by multiplying Eq. (20) with R2

β 2−α2

and setting β = klnR, so that j′n(β ) = 0

1
N2

ln
= lim

α→β

∫ R

0
jn(α

R r) jn(
β

R r)r2 dr = lim
α→β

β jn(α) j′n(β )−α j′n(α) jn(β )
α2−β 2 R3∣∣

β=klnR = lim
α→β

−α j′n(α) jn(β )
α2−β 2 R3.

Letting α→ β , we get a 0
0 expression as limα→β j′n(α)= 0. We derive numerator and denominator (de l’Hopital)

with regard to α and get

1
N2

ln
= lim

α→β

[− j′n(α)−α j′′n(α)] jn(β )
2α

R3 = lim
α→β

[−α j′n(α)−α2 j′′n(α)] jn(β )
2α2 R3. (21)

The spherical Bessel differential equation helps simplifying −α2 j′′n(α) = 2α j′n(α)+ [α2−n(n+1)] jn(α)

1
N2

ln
= lim

α→β

{
α j′n(α)+ [α2−n(n+1)] jn(α)

}
jn(β )

2α2 R3 =
[β 2−n(n+1)] j2

n(β )

2β 2 R3 =

[
1− n(n+1)

β 2

]
j2
n(β )R

3

2
, (22)

which is verified by the indefinite integral
∫

jn(kr)r2dr = r3

2 [ j
2
n(kr)− jn−1(kr) jn+1(kr)] using jn−1 = j′n +

n+1
x jn

and jn+1 =− j′n− n
x jn, where for k = kln only − n(n+1)

x2 j2
n remains as j′n vanishes. The exceptional constant mode

β → 0 for n = 0 is not allowed above, but j0(0) = 1 makes it easily solved 1
N2

00
= j2

0(0)
∫ R

0 r2 dr = j20(0)R
3

3 , so that

N2
ln j2

n(klnR)R3 =

{
2 (klnR)2

(klnR)2−n(n+1) , unless kln = 0

3, for kln = 0, i.e. n = l = 0.
(23)

Small-cap approximation Using Pn(1) = 1 and P′n(1) =
n(n+1)

2 yields lim∆x→0 Pn(1−∆x) = 1− n(n+1)
2 ∆x with

∆x = 1− cos α

2 , here α denotes the aperture, to approximate the cap weights

an = 2π

∫ 1

cos α
2

Pn(x)dx =−2π
Pn+1(cos α

2 )−cos α
2 Pn(cos α

2 )
n = 2π

Pn−1(cos α
2 )−Pn+1(cos α

2 )
2n+1 , (24)

by lim
α→0

an = 2π
−(n−1)n∆x+(n+1)(n+2)∆x

2(2n+1)
= 2π

2(2n+1)
2(2n+1)

∆x = 2π (1− cos α

2 ). (25)
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Reproduction of multichannel audio by frame loudspeaker array 
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ABSTRACT 
   Multichannel audio reproduces a sound field by loudspeakers surrounding a listener, which necessarily 
occupies the living environment in the home. The purpose of this study is to reproduce the sound by 
loudspeakers placed around the image display, which is referred to as “frame loudspeaker array”. In this 
paper, we focused on the reproduction of the frontal channels of 22.2 multichannel by the array. Each channel 
signal of the multichannel audio was distributed into loudspeakers with the weighting coefficients that 
minimized the square error between the original sound field by the channel and the reproduced sound field by 
the array. The sound fields were represented by the tenth order spherical functions. The signal was passed 
through the auditory band pass filter and changed its amplitude and delay according to the weighting 
coefficient calculated for the center frequency of the filter. The band pass signals were then summed up to 
generate the full band input signal for loudspeakers. The informal listening test showed that this method 
could preserve the spatial feature of the original multichannel audio.  
 
Keywords: Sound field synthesis, Loudspeaker array, Multichannel audio 

1. INTRODUCTION 
Multichannel audio has increased the number of loudspeakers to provide a higher sense of reality. It 

usually requires loudspeakers surrounding a listener. For example, 22.2 multichannel uses three layers 
of loudspeakers to reproduce a three-dimensional sound field [1]. However, the number of 
loudspeakers must be limited in order to avoid occupying the living environment in the home. This 
problem has become serious because the regular broadcasting of 22.2 multichannel has been started 
with 8K video from December 2018 in Japan. One of the methods to solve this problem may be a u se 
of loudspeaker array set up in the frontal direction. 

Over the past few decades, a considerable number of studies have been made on synthesizing a 
sound field by the loudspeaker array. A wave field synthesis (WFS) is known as a method to recreate a 
sound filed [2-4]. Particularly, the WFS can recreate a 3D sound field using a line loudspeaker array 
with a 2.5D Rayleigh integral [4], which models 3D sound propagation on the basis of the stationary 
phase approximation. However, it may not reproduce the vertical sound stage of 22.2 multichannel. On 
the other hand, a plane loudspeaker array is not available by the existence of the image display.  

In this study, we used a loudspeaker array set on the frame of the image display, which is referred to 
as “frame loudspeaker array” [5]. We focused on the reproduction of the frontal eleven channels of 
22.2 multichannel by the array in this paper. A sound field created by each frontal loudspeaker of 22.2 
multichannel (hereinafter referred to as “target field”) was synthesized by the frame loudspeaker array 
using the spherical control area centering on the listener. In the synthesis, the square error of sound 
pressures of both sound field, target field and synthesized field, was minimized over the control area 
using the least squares method. The sound fields were represented by the tenth order spherical 
functions. The resultant weighting coefficient for each loudspeaker of the array was divided into the 
amplitude and delay information, where the delay was obtained after eliminating the discontinuities of 
the arctangent function. Each channel signal of 22.2 multichannel was passed through the auditory 
band pass filter and changed its amplitude and delay according to the weighting coefficient calculated 
for the center frequency of the filter. The band pass signals were then summed up to generate the full 
band input signal for loudspeakers. 

                                                        
1 m1971017@ems.u-toyama.ac.jp 
2 andio@eng.u-toyama.ac.jp 
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2. SOUND FIELD CONTROL 

2.1 Frame Loudspeaker Array 
The frame loudspeaker array used in this study was designed so that an image display whose size 

was 1.78m (W)×1.00m (H) could be installed at the center. The number of loudspeakers was twenty 
considering the size of loudspeaker. The numbers were seven in horizontal and five in vertical 
arranged at equal intervals. Figure 1 shows the experimental frame loudspeaker array. In this paper, it 
is assumed that loudspeakers are arranged as shown in Fig. 2. 

 

 
      Figure 1 – Frame loudspeaker array        Figure 2 – Frame loudspeaker array for simulation 
 

2.2 Experimental setup 
The listening position was set to  [m] in front of the array. The control area is a spherical area 

centered on the listening point and its radius was set to  [m]. In this study, assuming that the volume 
of the spherical control area is , the radius R was set to . The relationship between the 
array and the control area is shown in Fig. 3. 

 

 
 

Figure 3 – Experimental setup 
 

2.3 Sound Field Control Function 
Each sound source is assumed to be a monopole sound source and is represented by spherical 

functions. The sound pressure of the target sound field , which is a sound field by one of the 
channels of the multichannel audio, and the sound pressure of the synthesized sound field  are 
shown as  

 (1) 
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respectively, where  are weighting coefficients that should be solved so as to 
minimized the error function [6] 

Note that  is a position of a target sound source,  is a position of the 
th-channel loudspeaker of the array,  is a position of the observation,  is wave number, 
 is the maximum order of the spherical functions,  is the number of sound sources in the array,  

is the amplitude of the target sound source,  is a spherical Bessel function of the first kind,  is a 
spherical Hankel function of the second kind, and  is a spherical harmonics function. 

Using the least squares method, the weighting coefficients can be obtained by a linear equation of 
the following form: 

where  is a vector of the weighting coefficient: 

and  is a matrix whose elements are spatial parameters of the synthesized field. Note that the vector 
 is frequency dependent, meaning that it should be calculated for each frequency. The synthesized 

sound field is controlled by the weighting coefficient calculated by  

Figure 4 shows the expected sound field controlled by this method.  
 

 
 

Figure 4 – Sound field control by frame loudspeaker array 
 
Since the weighting coefficients calculated by Eq. (6) depends on the wave number, it changes with 

the frequency of the target sound source. An example of the frequency characteristic of the coefficient 
is shown in Fig. 5. It was found to be unstable behavior (1 to 6) in the low frequency band and stable 
behavior (rotating 7 to 8) in the high frequency band. This is caused by the fact that the condition 
number of the matrix in Eq. (6) increases in the low band because the long wavelength brings similar 
lows and columns in the matrix . Section 3 describes how to improve it. The weighting coefficient 
vector  controls the synthesized sound field. Therefore, it will be referred to as the sound field 
control function hereinafter. 

 (2) 

 (3) 

 (4) 

 (5) 

 (6) 
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Figure 5 – Behavior of sound field control function 
 
2.3.1 Amplitude Estimation and Control 

Sound field control function determines the amplitude of each sound source. Denoting the real and 
imaginary parts of the function of th-channel loudspeaker by  and , respectively, the amplitude 
is obtained by 

 (7) 

Amplitude control is performed by applying this equation to the corresponding sound source. 
2.3.2 Delay Estimation and Control 

Sound field control function determines the delay of each sound source. The phase angle for 
th-channel may be given using an inverse tangent function as 

 (8) 

This may cause phase inversion due to the nature of the arctangent function. To avoid the phase 
inversion, we decided the phase using the equation 

 (9) 

Furthermore, the relationship between the signal phase and the target source frequency should be 
considered. The range of possible values of the phase angle defined by Eq. (9) is . 
However, according to the sound field control function shown in Fig. 5, the locus rotates around the 
origin, meaning that its angle should be beyond the interval . Therefore, we propose a method 
to extend the possible range of the phase angle using the phase shift of 

 in order to add the rotation to the phase angle. The resultant phase 
angle is converted into a delay time by the equation 

 (10) 

3. INPROVEMENT OF CONDITION NUMBER OF MATRIX 
Sound field control function is sometimes unstable at low frequency as mentioned in section 2. The 

reason is that the condition number of the matrix  (shown in the Eq. (6)) becomes large in the low 
frequency band. In this section, we explain the reason and how to fix it. 

Since the wave length of the sound wave is much longer than the size of the control area in the low 
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frequency, the phase of the wave was approximately equal over the control area. As the result, each 
element of the matrix  approaches the similar value, and the condition number of the matrix 
becomes large. To avoid such instability of the matrix inversion, we propose a method that improves 
the condition number by properly determining the radius of the control area. 

We changed the radius of the control area from 0.62m to 2.0m and observed the condition number 
of the matrix, and the amplitude and the delay. Figure 6 shows a reproduction set up used for the 
simulation. In the simulation, the distance from the center of the loudspeaker array to the center of the 
control area was set to 2.0m, and the imaginary source was set to 0.5m behind the array. The center of 
the control area, the center of the loudspeaker array, and the imaginary sound source are set on a 
straight line.  
 

 
 

Figure 6 – Listening environment for the simulation 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 7 – Change of condition number of matrix  with respect to frequency when radius of control 

area  is changed 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 8 – Change of gain with respect to frequency when radius of control area  is changed 
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Figure 9 – Change of delay with respect to frequency when radius of control area  is changed 
 

Figures 7, 8 and 9 show the condition number of the matrix , the amplitude of the weighting 
coefficient of the third loudspeaker , the delay of the loudspeaker . The reason for choosing the 
third loudspeaker is because it has the largest amplitude in the simulation conditions. According to Fig. 
7, as the radius of the control area increases, the condition number of the matrix  decreases 
particularly in low frequency band. Therefore, the calculation of the sound field control function 
becomes stable if the radius of the control area is increased. As shown in Fig. 8, when the radius of the 
control area increases, the frequency at which the gain becomes constant is lower. This frequency is 
almost the same as the frequency at which the condition number becomes constant as shown in Fig. 7. 
According to Fig. 9, when the radius of the control area is increased, the delay time becomes constant 
not only in the high band but also in the low band. From the above results, it was found that the sound 
field control function can be calculated more accurately by increasing the radius of the control area. 
However, it is necessary to set the radius of the control area so that the loudspeaker array and the video 
screen do not enter the area in consideration of the singularity of the sound pressure of the synthesized 
sound field.  

4. MULTICHANNEL AUDIO REPRODUCTION 
In this section, a method of reproducing the multichannel audio by creating imaginary sound 

sources at the channel positions is described. Signal processing for creating imaginary sound source is 
shown in Fig. 10. 

 
Figure 10 – Signal processing for creating imaginary sound source 
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 An imaginary sound source can be created at any position by applying a sound field control 
function to the source. The function changes according to the frequency of the target sound source 
because it depends on the wave number. Since an audio signal has various frequency components, it is 
difficult to apply one function to all components. Therefore, we propose a method of dividing an audio 
signal into an auditory band based on MPEG-2 AAC [7], and applying a sound filed control function 
corresponding to the center frequency of each band to each band signal. In this study, the 69 auditory 
bands defined by MPEG-2 AAC is reconstructed into 23 bands such that the three consecutive 
subbands were merged into one.  

4.1 Signal Processing for Creating Imaginary Sound Source 
This section describes the signal processing procedure shown in Fig. 10. First, the audio signal is 

divided into band signals using the MDCT (Modified Discrete Cosine Transform), the auditory band 
pass filter and IMDCT (Inverse MDCT). Second, the imaginary sound source positions are set 
according to the loudspeaker positions of the multichannel audio. The sound field control function is 
calculated based on the source position. The amplitude and the delay are estimated for the center 
frequency of each subband. Third, each band signal is distributed into all loudspeakers of the array 
through applying the corresponding amplitude and delay. Finally, all band signals for each loudspeaker 
are summed up to generate the input signal for the loudspeaker. A desirable sound field may be created 
within the control area by reproducing the audio signal with the loudspeaker array. 

4.2 Multichannel Audio by Imaginary Sound Source 
In this section, we propose a method to reproduce the multichannel audio by multiple imaginary 

sound sources. The imaginary sound source is generated at the channel position of the multichannel 
audio in the manner of section 4.1. A multichannel sound field is synthesized by simultaneously 
reproducing all source signals. Figure 11 shows this situation for two-channel case. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 11 – Multichannel synthetic sound field 

5. DISCUSSION 
In this paper, the control method for a frame loudspeaker array was proposed. However, the comparison 

between the plane loudspeaker array, which has loudspeakers also inside the frame, and the frame 
loudspeaker array has not been studied yet. Such study may reveal the possibility and limitation of the 
frame loudspeaker array. 

The method of expanding the control area was introduced to reduce the condition number of the matrix 
. Expanding the control area may degrade the sound field in the original area. Although this possible 

degradation should be studied by both the subjective and objective evaluations, it still remains unsolved.  
The informal listening test showed that this method could preserve the spatial feature of the original 

multichannel audio. However, the formal listening test should be conducted. Such investigation will be 
carried out in the future.  
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6. CONCLUSION 
This paper describes a method of reproducing a target sound field by controlling a frame 

loudspeaker array using a sound field control function optimized by the least squares method. The 
function varies depending on the target sound source frequency and has inaccuracies in the low band. 
The latter is due to the fact that the condition number of the matrix  used in the calculation becomes 
large. To reduce the condition number, we proposed a method to increase the radius of the spherical 
control area according to the source frequency. This method suppressed the condition number and 
improved the accuracy of the source field control function. In addition, decreasing the condition 
number brought the phenomenon that the amplitude and delay of the sound field control function 
converged to the fixed value. We also proposed a method to reproduce the multichannel audio signal 
with the frame loudspeaker array. The reproduction of channels other than the frontal channels of 22.2 
multichannel audio will be studied in the next step. 

ACKNOWLEDGEMENTS 
This work was supported by Hoso Bunka Foundation 2017 Grant. 

REFERENCES 
1. Hamasaki K, Nishiguchi T, Okumura R, Nakayama Y and Ando A. A 22.2 Multichannel Sound System 

for Ultrahigh-Definition TV, SMPTE Motion Imaging J., pp. 40-49, 2008. 
2. Berkhout A J. A holographic approach to acoustic control, J. Audio Eng. Soc., vol. 36, no. 12, pp. 

977-995, 1988. 
3. Berkhout A J, de Vries D, Vogel P. Acoustic control by wave field synthesis, J. Acoust. Soc. Am., vol. 93, 

no. 5, pp. 2764-2778, 1993. 
4. de Vries D. Wave Field Synthesis, AES monograph. Audio Engineering Soc. 2009. 
5. Ando A, Tokioka A. Control of loudspeaker array by minimizing fluctuation of frequency response and 

synthesized wave front, Proc. ICA2013, 055001, 2013. 
6. Yamabayashi D, Yamoto T and Ando A. Control of frame loudspeaker array using spherical harmonic 

expansion, Proc. ASJ 2016 Autumn meeting, pp. 409-412, 2016. 
7. ISO/IEC JTC1/SC29/WG11 standard. Text of ISO/IEC 13818-7:2005 (MPEG-2 AAC 4th edition), 

ISO/IEC JTC1/SC29/WG11, N7126, 2005. 
 
 

 

 
 

1100



Three-dimensional spatial active noise control based on
kernel-induced sound field interpolation

Hayato ITO(1), Shoichi KOYAMA(1),(2), Natsuki UENO(1), Hiroshi SARUWATARI(1)

(1)The University of Tokyo, Graduate School of Information Science and Technology, Japan, hayato_ito@ipc.i.u-tokyo.ac.jp
(2)JST, PRESTO, Japan

Abstract
A method for feedback active noise control (ANC) over a three-dimensional (3D) spatial region is proposed.
Conventional multipoint ANC does not guarantee to reduce the noise between multiple discrete control points.
Several attempts have been made to reduce the noise over the continuous target region. Most methods for
spatial ANC found their basis on the spherical/cylindrical harmonic expansion of the sound field. Therefore,
they can be applied only for arrays of simple geometries such as sphere and cylinder. We propose a 3D spatial
ANC method based on sound field interpolation, which can be applied to arbitrary array geometries. The
mathematical principle of the proposed method is based on our recent studies on kernel ridge regression for
sound field interpolation. The difference in the resulting algorithm from the general adaptive control appears
only in the weighting matrix for error signals, which can be computed in advance only by using the relative
positions of the microphones and the target region. Numerical simulation results indicated that a large regional
noise reduction is achieved by the proposed method compared with conventional multipoint ANC.
Keywords: Active noise control, Sound field interpolation, Sound field control, Kernel method

1 INTRODUCTION
Active noise control (ANC), or active noise cancellation, aims to cancel incoming primary noise by using sec-
ondary actuators (loudspeakers) (1, 2). ANC has been mainly investigated for reducing the noise at predefined
single or multiple control points using adaptive control techniques when the noise sources and secondary loud-
speakers are placed apart from a target control region. Many practical ANC systems have also been developed
based on these techniques (3, 4, 5, 6).
Multichannel ANC algorithms, where multiple secondary loudspeakers are used for controlling noise at multiple
positions, have been developed both in time and frequency domains in the literature (7). The power of the
error microphones placed at the control points is generally used as the cost function, and a type of least-
mean-square (LMS) algorithms is typically applied for the adaptive control. Two types of adaptive control have
been investigated: feedforward and feedback control (8). The feedforward ANC system is applicable to reduce
nonstationary noise by using reference microphones. The feedback ANC is effective for periodic noise signals
without using the reference microphones. The main drawback of the multichannel ANC is its limitation of the
noise cancellation only on the multiple discrete positions; therefore, the region between the error microphones
is not taken into consideration.
Sound field recording and reproduction have been investigated for reconstructing a spatial sound field both in
the theoretical analysis (9, 10, 11, 12) and development of practical systems (13, 14). In recent years, these
studies have led to researches on spatial ANC, which aims to cancel spatial noise in a continuous target region.
Most methods of the spatial ANC is generally based on the spherical/circular harmonic expansions of the sound
field inside the target region (15, 16, 17, 18); however, they can only be applied to simple array geometry such
as sphere and cylinder.
We propose a method for three-dimensional (3D) spatial ANC using distributed microphones and loudspeakers,
which is based on the interpolation using kernel ridge regression with the constraint that the function to be es-
timated satisfies the Helmholtz equation in the frequency domain (19, 20). We recently proposed a feedforward
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Figure 1. Arrangement of secondary loudspeakers and error microphones in feedback spatial ANC

spatial ANC in 2D on the basis of the kernel-induced sound field interpolation (21). In this paper, we formulate
a feedback spatial ANC method, which aims to reduce periodic noise inside a 3D target region. The spatial
noise reduction performance of the proposed method is evaluated by numerical simulations compared with the
multipoint feedback control.

2 FEEDBACK ACTIVE NOISE CONTROL BASED ON NLMS ALGORITHM
We first revisit the multichannel feedback control based on the normalized LMS (NLMS) algorithm in the
frequency domain. The objective is to reduce the spatial noise from primary noise sources inside a target region
Ω by using multiple microphones and loudspeakers as shown in Fig. 1. L secondary loudspeakers and M error
microphones are arranged around Ω, and the loudspeaker output is determined by an adaptive algorithm to
cancel the primary noise field. The driving signals of the loudspeakers and the signals of the error microphones
at the angular frequency ω are denoted as ddd(ω) ∈ CL and eee(ω) ∈ CM , respectively. We hereafter omit ω
for notational simplicity. When the sound pressures of the primary noise field at the positions of the error
microphones are denoted as uuup ∈ CM , the signals of the error microphones are represented as

eee = GGGddd +uuup, (1)

where GGG ∈ CM×L is the transfer function matrix from the secondary loudspeakers to the error microphones. We
assume that GGG is given by measurements in advance.
The multipoint pressure control (MPC) for the feedback ANC aims to minimize the square ℓ2-norm of the error
signals (7). Thus, the cost function of MPC JMPC is formulated as

JMPC = ∥eee∥2
2 = eeeHeee, (2)

where the superscript (·)H denotes the conjugate transpose. In the complex LMS algorithm, the driving signals
of the loudspeakers are adaptively determined by updating in the steepest-descent direction of JMPC at each
step as

ddd(n+1) = ddd(n)−η
∂

∂ddd∗JMPC

= ddd(n)−ηGGGHeee(n) (3)

where the superscript (·)∗ denotes the complex conjugate, n denotes the iteration index, and η is the step size
parameter. The complex NLMS algorithm (22) is frequently used for faster convergence in which ddd is updated
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as
ddd(n+1) = ddd(n)− η0

∥GGGHGGG∥2 + ε
GGGHeee(n), (4)

where ε > 0 is the regularization parameter and η0 ∈ (0,2) is the normalized step size parameter.
We here introduce a weighting matrix to the cost function. The cost function J of the square ℓ2-norm of eee
with the weighting matrix AAA ∈ CM×M , which is independent of ddd, is represented as

J = eeeHAAAeee. (5)

The NLMS algorithm for J can be obtained in a similar manner to the case of JMPC as

ddd(n+1) = ddd(n)− η0

∥GGGHAAAGGG∥2 + ε
GGGHAAAeee(n). (6)

Our proposed method, which is discussed in the next section, is based on the NLMS algorithm using the
weighted-square-ℓ2-norm. Note that the computational cost for the filter update in Eq. (6) is exactly the same
as that in Eq. (4) by calculating GGGHAAA and ∥GGGHAAAGGG∥2 in advance. The specific AAA for 3D spatial ANC is given
in the following section.

3 3D SPATIAL ANC BASED ON KERNEL-INDUCED SOUND FIELD INTERPOLA-
TION

Our objective is to reduce the primary noise in the entire target region Ω. However, in the conventional MPC,
the noise only at the positions of the error microphones is reduced, and the region between these microphones
is not taken into consideration. We consider the regional noise power for the cost function as in our previously
proposed method for feedforward control (21) as

L =
∫

Ω
|ue(rrr)|2 drrr, (7)

where ue(rrr) is the continuous pressure field at the position rrr, which is the superposition of the primary noise
field and the sound field synthesized by the secondary loudspeakers. Obviously, it is impractical to directly
obtain ue(rrr) by densely arranging the error microphones inside Ω. We apply the kernel interpolation technique
for the sound field (19, 20) to estimate ue(rrr) from the error signals eee.

3.1 Weighting matrix for 3D sound field interpolation
A method for estimating spherical harmonic coefficients at an arbitrary position from the pressure measurements
of distributed microphones was proposed by Ueno et al. (20), which is based on the spherical harmonic analysis
of infinite order of a sound field. This method can be regarded as the kernel ridge regression for sound field
interpolation (19). We apply this method to estimate ue(rrr) from eee. When Ω does not include any sources and
the error microphones are omnidirectional, the estimate ûe(rrr) can be obtained as

ûe(rrr) =
(
(KKK +λ III)−1eee)

)T κκκ(rrr), (8)

where the superscript (·)T denotes the transpose, III is the identity matrix, λ is the regularization parameter.
Here, KKK and κκκ for 3D sound field interpolation are defined as

KKK =

 j0(k∥rrr1 − rrr1∥) · · · j0(k∥rrr1 − rrrM∥)
...

. . .
...

j0(k∥rrrM − rrr1∥) · · · j0(k∥rrrM − rrrM∥)

 (9)
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and
κκκ(rrr) = [ j0(k∥rrr− rrr1∥), · · · , j0(k∥rrr− rrrM∥)]T , (10)

respectively, where j0(·) is the zeroth-order spherical Bessel function of the first kind, k = ω/c is the wave
number with the sound speed c, and rrrm (m ∈ {1, · · · ,M}) is the position of the mth error microphone. Note
that the interpolant is determined only by the relative positions of the error microphones without setting the
expansion center and truncation order of the harmonic coefficients required in the general spherical-harmonic-
expansion-based methods.
By substituting Eq. (8) into Eq. (7), the cost function L can be written as

L =
∫

Ω
|ûe(rrr)|2 drrr = eeeHAAAeee, (11)

where

AAA = PPPH
(∫

Ω
κκκ∗(rrr)κκκT(rrr)drrr

)
PPP (12)

and P ≡ (KKK +λ III)−1. Since L in Eq. (11) has the form of the weighted ℓ2-norm of eee as in Eq. (5), and AAA in
Eq. (12) is independent of ddd, the NLMS algorithm in Eq. (6) can be applied.

3.2 Efficient computation of weighting matrix for spherical target region
When the target region Ω is spherical, it is possible to avoid the computation of the numerical integration in
AAA. The radius of the spherical region Ω is denoted as R. First, in spherical coordinates rrr = (r,θ ,ϕ), addition
theorem for spherical Bessel function is expressed as (23)

j0(k∥rrr− rrrm∥) = 4π
∞

∑
ν=0

ν

∑
µ=−ν

(−1)ν jν(krm)Y
µ∗

ν (−r̂rrm) jν(kr)Y µ
ν (r̂rr)

≡ 4π
∞

∑
ν=0

ξν ,m(rrr), (13)

where ξν ,m(rrr) is defined as

ξν ,m(rrr) = (−1)ν jν(krm)
(
Y−ν

ν (−r̂rrm) Y−ν+1
ν (−r̂rrm) · · · Y ν

ν (−r̂rrm)
)∗︸ ︷︷ ︸

αααν ,m

Y−ν
ν (r̂rr)

...
Y ν

ν (r̂rr)

 jν(kr)

︸ ︷︷ ︸
βββ ν (rrr)

≡ αααν ,mβββ ν(rrr), (14)

and Y µ
ν (·) is the spherical harmonic function of ν th order and µth degree. Here, r̂rr represents the unit vector

pointing to rrr, i.e., r̂rr = rrr/∥rrr∥2. Thus, j0(k∥rrr− rrrm∥) can be written as

j0(k∥rrr− rrrm∥) = 4π
(
ααα0,m ααα1,m · · ·αααk,m · · ·

)


βββ 0(rrr)
βββ 1(rrr)

...
βββ k(rrr)

...

 . (15)
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By substituting Eq. (15) into Eq. (10), κκκ(rrr) is represented as

κκκ(rrr) = 4π


ααα0,1 ααα1,1 · · · αααk,1 · · ·
ααα0,2 ααα1,2 · · · αααk,2 · · ·

...
... · · ·

... · · ·
ααα0,M ααα1,M · · · αααk,M · · ·


︸ ︷︷ ︸

SSST


βββ 0(rrr)
βββ 1(rrr)

...
βββ k(rrr)

...


︸ ︷︷ ︸

ϕϕϕ(rrr)

≡ SSSTϕϕϕ(rrr). (16)

Therefore, the integral term in AAA becomes

AAA = PPPHSSSH
(∫

Ω
ϕϕϕ ∗(rrr)ϕϕϕT(rrr) drrr

)
SSSPPP, (17)

where

ϕϕϕ ∗(rrr)ϕϕϕT(rrr) =


βββ 0(rrr)
βββ 1(rrr)

...
βββ k(rrr)

...



∗

(
βββ 0(rrr)

T βββ 1(rrr)
T · · · βββ k(rrr)

T · · ·
)

=



βββ 0(rrr)
∗βββ 0(rrr)

T βββ 0(rrr)
∗βββ 1(rrr)

T · · · βββ 0(rrr)
∗βββ j(rrr)

T · · ·
βββ 1(rrr)

∗βββ 0(rrr)
T βββ 1(rrr)

∗βββ 1(rrr)
T · · · βββ 1(rrr)

∗βββ j(rrr)
T · · ·

...
...

. . .
... · · ·

βββ i(rrr)
∗βββ 0(rrr)

T βββ i(rrr)
∗βββ 1(rrr)

T · · · βββ i(rrr)
∗βββ j(rrr)

T · · ·
...

...
...

...
. . .

 (18)

and

βββ i(rrr)
∗βββ j(rrr)

T =

Y−i
i (r̂rr)

...
Y i

i (r̂rr)


∗

j∗i (kr) j j(kr)
(

Y− j
j (r̂rr) · · · Y j

j (r̂rr)
)
. (19)

Owing to the orthogonality of the spherical Bessel functions, the integral term of this equation is derived as∫
Ω

ϕϕϕ ∗(rrr)ϕϕϕT(rrr) drrr = diag(γ0,γ1,γ1,γ1,γ2, · · ·)≡ ΓΓΓ, (20)

where

γν =
R3

2
(

jν(kR)2 − jν−1(kR) jν+1(kR)
)
. (21)

Here, a mathematical formula in Ref. (24) is used to derive Eq. (21). 2ν + 1 elements of γν is arranged for
each ν as the diagonal components of ΓΓΓ. Finally, the weighting matrix AAA for the spherical target region Ω is
derived as

AAA = PPPHSSSHΓΓΓSSSPPP. (22)

In practice, it is necessary to approximate the infinite matrices SSS and ΓΓΓ as finite matrices of a sufficiently large
size. Larger sizes of SSS and ΓΓΓ are better for accurate numerical computation of the integration (25). Note that
AAA can be calculated in advance only from the relative positions of the error microphones and the target region.
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Figure 2. Regional noise power reduction in-
side Ω at 250 Hz with respect to number of
iterations.
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Figure 3. Regional noise power reduction in-
side Ω with respect to frequency.

4 NUMERICAL SIMULATIONS
Numerical simulations were conducted in a 3D sound field to compare the proposed method (Proposed) and
multipoint pressure control (MPC). The target region Ω was set to be spherical with a radius of 0.5 m, and
the coordinate origin was set at its center. M = 60 omnidirectional microphones were used as the error micro-
phones. The secondary loudspeakers were assumed to be point sources and their number was L = 30. The error
microphones were placed on three dual rings set on the surface of Ω. The intervals of the dual rings were
0.01 m. The three rings were set at z =−0.3, 0.0, and 0.3 m, respectively. On each ring, 10 error microphones
were equiangularly placed. The secondary loudspeakers were placed on three rings set on the spherical surface
of the radius 1.0 m. The three rings were at z =−0.7, 0.0, and 0.7 m, respectively. 10 secondary loudspeakers
were equiangularly placed on each ring. The speed of sound was set as c = 340 m/s.
Six point sources were placed as the primary noise sources at (−10.0,0.0,0.0), (10.0,0.0,0.0), (0.0,−10.0,0.0),
(0.0,10.0,0.0), (0.0,0.0,−10.0) and (0.0,0.0,10.0) m in Cartesian coordinates. The source signals were single-
frequency complex sine waves. Observation noise was also added to the error microphones so that the signal-to-
noise ratio (SNR) was 40 dB. For evaluation, the performance measure with regard to the regional noise power
reduction inside Ω is defined as

Pred = 10log10
∑i |u

(n)
e (rrri)|2

∑i |u
(0)
e (rrri)|2

, (23)

where u(n)e (rrri) is the total pressure field at the ith evaluation position rrri for the nth iteration. The evaluation
positions were obtained by discretizing Ω with intervals of 0.025 m. The pressure field at the zeroth iteration
u(0)e (rrri) was the original pressure field generated by the primary noise sources.
We first show the results when the frequency was set at 250 Hz and the amplitude of six noise sources was
10, 20, 30, 40, 50, and 60, respectively. The parameter ε was set as 10−2. The maximum order ν used for
constructing the matrices SSS and ΓΓΓ was 40. The regularization parameter λ was set as 10−4. The performance
measure Pred is plotted with respect to the number of iterations for the two methods in Fig. 2. Proposed
achieved larger noise power reduction than MPC.
Figure 3 shows Pred with respect to the frequency after 500 iterations. Proposed and MPC achieved similar
noise reduction when the frequency was below 200 Hz. Above 200 Hz, Proposed outperformed MPC.
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5 CONCLUSIONS
We proposed a feedback spatial ANC method using distributed secondary loudspeakers and error microphones,
which is based on the kernel ridge regression of a 3D sound field with the constraint that the function to be
estimated satisfies the Helmholtz equation. The cost of the 3D regional error power is defined, and the kernel-
induced sound field interpolation is applied to calculate it. The resulting algorithm includes a weighting matrix
for the error signals obtained in advance by using the relative positions of the microphones and the target region.
Numerical simulation results indicated that the proposed method outperforms the conventional multipoint control
in regional noise reduction.
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Abstract
Compact loudspeaker arrays are often used in applications where control of the sound dispersion is required, e.g.
in audio reproduction systems and aspects of sound field control. An example of the latter is sound zoning where
the goal is to deliver individual audio content to one listener without disturbing another. Typical approaches
are based on filter-and-sum beamforming applied to control the resulting directivity of the array. However,
directivity is defined in free field while sound zones are generally of interest in listening spaces with reflective
boundaries such as domestic rooms and automotive cabins. In order to address this discrepancy, in situ zonal
control can be utilized. This relies on measured impulse responses from each array element to the spatial
control points defining the zones. Such methods increase the solution specificity and can lead to non-causal
control filters. In the present paper, methods based on controlling the flow of acoustic energy are applied to a
planar loudspeaker array located on the dashboard inside a car cabin. A comparison study including directivity
and in situ zone control is presented, and the solutions are evaluated in terms of the resulting sound zoning
performance.
Keywords: Sound field control, Sound zones, Beamforming, Automotive audio

1 INTRODUCTION
Reproduction of high quality audio content in automotive listening spaces is associated with numerous chal-
lenges. Prominent examples are the spatially confined and complex acoustical environment as well as restricted
loudspeaker placement options. Furthermore, a significant shift might occur in applications and user scenarios
compared to today, in response to the expected prevalence of autonomous driving in the near future. Therefore,
new functionalities have recently received much attention such as reconfigurable seating areas with preserved
sound quality, or the ability to provide personal sound to individual occupants. Many aspects of these applica-
tions can be aided by introducing spatial sound field control solutions. The topic of the present paper concerns
fundamental investigations of a 19 channel compact loudspeaker array, which was positioned on the dashboard
inside an automotive cabin. Different sound field control strategies have been formulated and applied in an
in situ comparison study. The objective was to investigate specific setup scenarios and to assess the resulting
performance, related to controlling the sound content reproduced at each individual front seat. Performance as-
sessment was based on the acoustic separation achieved between the front seats. This scenario can be attained
by means of in situ zonal control, which relies on measured impulse responses from each array loudspeaker to
the spatial control points, defining the spatially confined zones, as introduced in e.g. [1]. Other control methods
have been proposed for in situ control, where vectorial metrics are included in the optimization cost functions,
such as particle velocity [2], and sound intensity [3]. The resulting control filters inherently reflect the acousti-
cal complexity of the listening space, which is a general characteristic of most in situ methods. The listening
space information is captured in the measured impulse responses, and consequently the solution specificity is
often high.
Another approach is to control the sound field by focusing the sound energy flow towards the target listening
position, which effectively increases the acoustical separation. The beamforming control methods based on
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the assumption of free field sound radiation, implicitly assumes a high degree of resemblance between the
setup scenario and the acoustical environment in which the compact array should be operating. The mismatch
between a free field setup scenario and operation in reverberant environments has previously been considered in
e.g. [4]. However, in automotive audio systems the positioning of control loudspeakers is restricted to confined
regions along the interior boundaries, which often results in areas of highly complex geometrical and acoustic
impedance features in close proximity to the array. This is likely to affect the control problem since some of
the adjacent physical components should be considered a part of the array structure. Some aspects of these
effects have been addressed in [5] in relation to cross-talk-cancellation, but not disclosed in details.
In the present paper, a comparative study is presented where a time-domain pressure matching control algorithm
has been applied, and control filters were determined in different setup configurations. In addition, a simple
delay-and-sum beamforming solution, based on free field analytical plane wave model has been included as
reference [7]. The following specific setup methods for the control algorithm are considered:

• Free field beamforming where the control filters are based on impulse response measurements conducted
under free field conditions in a grid of microphone positions, that captures the radiation characteristics.
A subset of microphone positions is selected as the bright and dark points, respectively. In the case
of beamforming, the bright points define the main sound energy flow direction whereas the dark points
form the directions where ideally no sound radiation should occur. This definition is followed consistently
throughout this paper when beamforming methods are considered.

• In situ beamforming was applied to include the effects of the reflecting interior boundaries of the repro-
duction scenario inside the car cabin. Here, the impulse responses are measured in a plane in front of
the loudspeaker array. Constraining the sound field in points in this plane, according to the definition of
bright and dark directions, resembles the control strategy proposed for the free field case. The hypothesis
investigated here was that the in situ setup method potentially provides a beamforming solution due to a
relatively short distance between the loudspeaker array and the control points.

• In situ P-U beamforming has been considered since controlling the sound field in a single plane intro-
duces the risk of accurately controlling only that plane without focusing sound propagating towards the
listener. To cope with this, a method including a vectorial control metric was defined, constraining both
the pressure and particle velocity in order to steer the sound energy flow.

• In situ zonal control based on measurements of impulse responses between the array loudspeakers and
microphones inside the two control regions at the front seats in the unoccupied cabin. A bright zone was
defined where the sound pressure level should be higher compared to the dark zone at the adjacent seat.

In general, the setup measurements for the in situ methods were conducted inside a regular unoccupied car
cabin. In addition, measurements series were performed with an anechoic termination for setting up special
versions of the in situ beamforming and P-U. A head-and-torso-simulator (HATS) was utilized in order to
create a more realistic performance assessment in the comparison of the different setup methods investigated in
this paper.

2 THEORY
In this section, the applied sound field control algorithms are introduced along with the primary performance
evaluation metric. The latter is defined in the frequency domain as the mean square pressure in the bright zone
relative to the mean square pressure in the dark zone, commonly referred to as the acoustic contrast, written as

contrast( f ) = M−1
B

MB

∑
mB=1

|pmB( f )|2
/

M−1
D

MD

∑
mD=1

|pmD( f )|2 , (1)
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where the subscript (·)B and (·)D denotes the bright and dark zone respectively, pm( f ) is the complex pressure
at microphone position m and frequency f , and MB and MD are the number of microphone positions sampling
the bright and dark zone respectively.
The fundamental aspects of the control methods are presented in the sections below. The delay-and-sum method
(based on the microphone equivalent in [7]) is regarded the simpler beamforming solution, whereas the time-
domain pressure (and particle velocity) matching is the basis for all the remaining sound field control methods
investigated in the current work.

2.1 Time-domain pressure matching
In the following, it is assumed that the loudspeaker and listening space interaction behaves as a linear time-
invariant system. Furthermore, it is assumed that the input signal is a unit sample sequence. The pressure
impulse response at microphone m due to loudspeaker ` is expressed as

pm` = Hm`w`, Hm` =



hm`[0] · · · 0
...

. . .
...

hm`[I−1] · · · 0
0 · · · hm`[0]
...

. . .
...

0 · · · hm`[I−1]


, w` =

 w`[0]
...

w`[Nw−1]

 , (2)

where hm`[i] is the ith sample of the impulse response. The combined pressure at the microphone due to the L
loudspeakers is

pm = Hmw, Hm =
[
Hm1 · · · HmL

]
, w =

[
wT

1 · · · wT
L
]T

. (3)

Finally, the pressures at all the microphones can be concatenated as

pB = HBw, HB =
[
HT

1 · · · HT
MB

]T
, (4)

where subscript B denotes the bright zone. The dark zone pressure can equivalently be expressed with the cor-
responding microphones and denoted by the subscript D. The pressure matching cost-function to be minimized
is then

Jp(w) = (1−ξ )‖pt −HBw‖2
2 +ξ‖HDw‖2

2 +αe‖Rew‖2
2 +αb‖Bw‖2

2, (5)

where ξ ∈ [0,1] controls the tradeoff between attaining the target pressure pt in the bright zone and silence in
the dark zone and the penalties ‖Rew‖2

2 and ‖Bw‖2
2 are introduced to control the shape of the resulting finite

impulse response (FIR) filters and the frequency range where the loudspeakers should be active as suggested
in [8] and [9], respectively. The FIR filters which minimize this quadratic cost-function can be expressed in
closed-form as

wp =
(
(1−ξ )HT

BHB +ξ HT
DHD +αeRT

e Re +αbBT B
)−1 HT

Bpt . (6)

2.2 In situ P-U beamforming
Constraining both the sound pressure and particle velocity at the control points of concern, provides a formu-
lation which includes a vectorial control component. The particle velocity component of the sound field in a
given direction can be estimated from the finite difference approximation to Euler’s equation of motion between
two pressure measurements displaced along the axis of interest as [7]

ux(t) =−
∫ t

−∞

1
ρ

∂ p(t)
∂x

dt ≈−
∫ t

−∞

px2(t)− px1(t)
ρ∆x

dt. (7)

In the above, x1 and x2 denotes points on the axis of interest, ∆x = x2− x1, and ρ is the density of air. As
the pressures are available as impulse responses from a causal system, the particle velocity is zero before the
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beginning of the impulse responses, hence, the integral only needs to start at t = 0. Furthermore, as the pressure
is only known at discrete time intervals, the integral must be evaluated as a numerical integration using e.g. the
trapezoidal rule. The particle velocity impulse responses can then be expressed as

um`,x = Um`w` =−(1−η)
∆T
ρ∆x

T(Hm`,x2 −Hm`,x1)w`, T =


1/2 0 0 · · · 0
1/2 1/2 0 · · · 0
1/2 1 1/2 · · · 0

...
...

...
. . .

...
1/2 1 1 · · · 1/2

 , (8)

where T is the chosen integration rule (here trapezoidal) expressed in a matrix, η ∈ [0,1] is a weight for
controlling the relative importance of controlling the pressure and the particle velocity, and ∆T is the sampling
interval (here 1/48 kHz). Extending Um`,x to all microphones and loudspeakers of concern, the P-U matching
cost function is written as

Jpu(w) = (1−ξ )

∥∥∥∥∥
[

ηpt
(1−η)ut

]
−
[

H̄B
UB

]
w

∥∥∥∥∥
2

2

+ξ

∥∥∥∥∥
[

H̄D
UD

]
w

∥∥∥∥∥
2

2

+αe‖Rew‖2
2 +αb‖Bw‖2

2, (9)

where ut is the target particle velocity in the bright zone and H̄B = ηHB. The resulting solution is

wpu =
(
(1−ξ )(H̄T

BH̄B +UT
BUB)+ξ (H̄T

DH̄D +UT
DUD)+αeRT

e Re +αbBT B
)−1

(ηH̄T
Bpt +(1−η)UT

But). (10)

The performance of the in situ beamforming and in situ P-U beamforming relies on the sound field charac-
teristics captured in the measured impulse responses. Thereby, the main difference between the investigated
methods in this paper is the geometry defining the bright and dark zone, as well as the environment in which
the impulse responses were measured.

3 EXPERIMENTAL METHODOLOGY
3.1 Setup
The compact loudspeaker array employed in this work includes a total of 19 elements in a planar configuration,
as illustrated in 1d, each comprised by a 35 mm ‘full-range’ loudspeaker in a closed box cabinet.
To determine control filters for the free field beamforming method, the compact loudspeaker array was posi-
tioned in the center of a free field measurement system. Anechoic impulse responses from each loudspeaker
were measured to control points on a hemicylindrical surface (half-circles stacked), as illustrated in Fig. 1d.
The points representing the bright zone were selected relative to the positions representing the target direction
towards the listener, whereas the remainder of the hemicylindrical surface was selected as the dark zone.
The impulse responses estimated in the car cabin were based on measurements sampling the cabin in a 3-D
control point grid, using a planar array of quarter-inch microphones. The loudspeaker array was positioned and
centered on the dashboard, and the 3-D measurement grid was covering the front-row seat area from positions
in close proximity to the loudspeaker array and along the length-dimension, according to the layout shown in
Fig. 1b. The filters for the in situ beamforming and P-U methods were calculated using the impulse responses
from the first and the first two planes in front of the loudspeaker array, respectively, as illustrated in Fig. 1b.
Furthermore, an additional version of these two methods were based on impulse response measurements where
a wall of open-cell foam wedges was installed immediately in front of the front seats. Hence, an anechoic
termination was introduced, valid above approximately 700 Hz at normal incidence, and is shown in Fig. 1c.
The purpose of introducing the termination was to effectively separate the front seat area from the remainder of
the car cabin, and to eliminate reflections from the front seats. The in situ zonal control was based on impulse
response measurements inside the desired control regions, as illustrated in Fig. 1b.
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Loudspeaker array 

Microphone 
sampling 
grid

(a) Full cabin - in situ zonal control.

Loudspeaker array 

Microphone 
sampling 
grid

(b) Full cabin - in situ zonal and beamforming.

Loudspeaker array 

Microphone 
sampling 
grid

‘Anechoic’ Termination

(c) Anechoic terminated cabin - in situ beam-
forming and P-U.

Loudspeaker 
array - (top view)

Loudspeaker 
array - (front view)

Reference 
loudspeaker

55
 m

m

65 mm

1 m

(d) Loudspeaker array and free field setup.

Loudspeaker array 

Microphone 
sampling 
grid

(e) Full cabin - head and torso simulator

Figure 1. Topview and sideview illustrations of the different setups considered for control filter calculation
(details provided in sub-captions) and evaluation points. The open black circles represent the unconstrained
control points. Open blue circles represent the bright zone control points utilized for the beamforming methods,
whereas the closed blue circles indicate the dark points. The control points used for setting up the zonal control
method follow the same convention, but with green circles.

In all the methods investigated here, the target pressure and particle velocity were defined as the response from
the reference loudspeaker to the points sampling the bright zone, delayed by 100 samples at 48 kHz sampling
frequency. The length of the control filters were 350 taps for all methods and the parameter adjusting the weight
of bright vs. dark zone was ξ = 0.9. The parameter η was

√
0.04, αe and αb were set to 10−9 and 10−3 for

the P-U method and to 10−7 and 10−1 for the remaining methods. Furthermore, the impulse responses used for
estimating the particle velocity were lowpass filtered using a 4th order Butterworth filter with cutoff frequency
2 kHz [7], due to the errors inherently introduced in the finite difference approximation of the pressure gradient.
A separate set of impulse responses were measured at the positions used for the zonal control. Additionally, this
set of measurements was also used to evaluate the performance of the control strategies in driver and passenger
seat positions of the unoccupied car. To provide a more realistic evaluation scenario, a measurement series was
conducted with a head and torso simulator, Brüel & Kjær Type 4100, with in-ear microphones. The sound field
was sampled in 3 heights and 5 head rotations, with superposition between the HATS and a traditional manikin
on the front seats, as indicated in Fig. 1e.
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4 RESULTS
To evaluate the idealized separation as well as a more realistic separation, the contrast results are evaluated
for both the occupied and unoccupied car cabin, as introduced in the previous section. Additionally, the mean
square pressure in the bright zone is reported to show the spectral emphasis introduced with the control methods.
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(d) Unoccupied cabin
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(e) HATS
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(f) HATS

Figure 2. Experimental results depicting the contrast between the front seats in the unoccupied cabin or oc-
cupied by HATS. The middle plots show the mean square pressure in the unoccupied driver’s seat as sound
pressure levels (SPL). All results are smoothed by a 1/12 octave moving average fliter. ( ): Delay-and-sum
beamformer. ( ): free field beamformer. ( ): In situ beamformer. ( ): In situ beamformer, anechoic.
( ): In situ p-u beamformer. ( ): In situ p-u beamformer, anechoic. ( ): Zonal control. ( ): Reference
loudspeaker response.

The results are shown in Fig. 2 where the in situ beamforming and P-U methods are compared in the left
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column. The reference loudspeaker response is included as reference in the middle row. The response from
this loudspeaker was used as target pressure and particle velocity in the bright zone. Results are reported using
impulse responses measured both with and without the anechoic termination. It is seen that the methods all
provide similar contrast results, both when evaluated in the unoccupied cabin and when evaluated with the
HATS measurements. The main difference is observed in the mean square pressure in the bright zone between
2.5 and 6 kHz, where the in situ P-U method provides a boost.
In the right column of Fig. 2, the zonal control is compared with the delay-and-sum beamforming method, the
free field beamforming, and the in situ P-U method based on the impulse responses measured with anechoic
termination installed. It is seen that the zonal control is superior in terms of contrast evaluated in the unoccupied
cabin. However, when the contrast is evaluated based on the HATS measurements, the methods provide overall
more similar results. It is seen that the delay-and-sum solution is slightly suboptimal, when the acoustic contrast
is evaluated throughout the frequency range of interest. However, it is also found that the resulting mean square
pressure generated in the bright zone in general is more uniform when compared to the other methods.

5 DISCUSSION
From the experimental results, a number of observations can be made regarding the specific application of sound
field control in this work. The first point relates to the sound field control by means of the in situ beamforming
approaches. Only minor differences in the resulting performance are found, when comparing filters determined
based upon impulse responses measured in the full car cabin and with an anechoic termination. Likewise,
adding a constraint on the particle velocity on top of the pressure also fails to significantly alter the resulting
solution. From these results it is assumed that the measurements were taken in such close proximity to the
loudspeaker array, that they are dominated by the direct sound. Thereby, the anechoic termination does not
provide significant changes in the responses, as the reverberation is already significantly attenuated relative to
the direct sound in the particular source/receiver configuration. Furthermore, the particle velocity component
in the length direction of the car is already heavily dominated by the direct sound impinging towards the
measurement microphone planes, and the introduction of a vectorial physical control parameter proves to be
less significant in this specific case.
It is seen that the conditions, under which the acoustic separation between the two front seats is evaluated,
heavily influence the observed differences between the proposed methods. When evaluated in the unoccupied
volumes at each seat, the zonal control is seen to provide superior contrast. This is expected as the measure-
ments used in this method very closely resemble the measurements used to evaluate this result. However, when
the seats are occupied by a HATS, it is seen that the observed separation is much more similar between the
investigated methods. It is interesting to observe that introducing listeners in the intended bright and dark zone,
removes most of the expected benefits from impulse responses measured within the car cabin. This implies that
in order to attain the additional benefit of in situ measurements, the measurements should closely resemble the
reproduction scenario i.e. including information about how the current occupancy of the cabin affects the sound
field from the loudspeakers to the ears of the occupants.
The frequency range of the control performance seems to be divided into three regions. Below 1.5 kHz the
results indicate that significant interaction occurs between the car cabin and the control loudspeakers. This is
observed from the zonal control being the only method providing high separation in that particular range and
that the response of the reference driver exhibits increased frequency variation in the mean square pressure in
the bright zone. Between 1.5 kHz and 4-5 kHz, the beamforming approaches become capable of effectively
focusing sound towards one seat relative to the other as seen from the improved performance of the delay-and-
sum method in this region. Finally, above 4-5 kHz the contrast is seen to decrease with frequency. This can
be explained by the spatial aliasing due to the horizontal and vertical displacement of the drivers. Given the
vertical displacement of 65 mm and horizontal displacement of 27.5 mm, the expected frequencies for onset of
sidelobes are around 2.6 kHz and 6.2 kHz respectively.
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6 CONCLUSION
Throughout this paper a number of methods were investigated for reproducing audio to one of the front seats in
a car using a planar loudspeaker array. The in situ beamforming and P-U methods were shown to yield almost
identical results, which can be attributed to the direct sound having the most significant contribution in the
measured impulse responses. The acoustic separation performance was seen to lie between the delay-and-sum
beamforming and the zonal control method, indicating that constraining the sound field in close proximity to
loudspeaker array generates a beamforming solution.
The best choice of control method depends on the availability of the impulse responses accurately representing
the reproduction scenario. The delay-and-sum beamforming provides a uniform mean square pressure relative
to the in situ methods and is a suitable approach when representative system characterization is not available.
If accurate knowledge of the reproduction scenario inside the control regions is available, the zonal control
provides the highest possible separation between the zones, among the investigated methods. The associated
variation of the mean square pressure in the target zone, could then be equalized in a global sense.
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Abstract
Acoustic levitation for interactive visualizations is an emerging field which uses ultrasonic transducer arrays to
induce radiation forces on small beads. To fully utilize the interactive and responsive aspect of the system, each
bead must be controllable freely in the interaction space without interfering with the other beads. When beads
are placed far enough apart it is possible to design a sound field that traps all the beads at their desired positions,
taking any potential limitations of the hardware into account. The underlying physics limit how close in space
two traps can be without interfering with each other. In this paper, we investigate the minimum spacing required
between two beads for them to successfully and independently levitate in acoustical traps. Multiple methods for
the sound field design are considered and compared with regards to the overall separation required as well as
the gracefulness in the breakdown region.
Keywords: Acoustic levitation, Ultrasound, Phased array

1 INTRODUCTION
Acoustic levitation of multiple beads in close proximity requires knowledge of how close the two beads can be
without interfering. If the minimum separation is known it is possible to either avoid the problematic regions
while still utilizing the maximum performance of the system, or to develop advanced techniques to achieve a
closer spacing of the beads.
To investigate and quantify how close it is possible to levitate individual beads using existing methods, we have
chosen three procedures capable of levitating multiple beads: two versions of quiet zone based superposition
of multiple sound fields, see section 3.1, and a variance based method, see section 3.2. All three methods are
based on numerical minimization of cost functions O with respect to the array element phases ϕ j and amplitudes
a j. Each method is used to create two levitation traps separated by various distances from 0.5 mm to 30 mm,
covering a range approximately from λ/17 to 3.5λ . One trap is always at a fixed location while the other trap
is placed at points along a straight trajectory. The trap centers in the final sound fields are compared to the
desired trap centers, and each method is evaluated based on the minimum separation between the traps as well
as the gracefulness in the breakdown region.

2 RADIATION FORCE
The fundamental quantity of interest in levitation is the force exerted on the levitated object. For an object to
levitate at a point in space the total force must be zero, and to obtain stability the forces in a region around
the levitation point needs to converge to said point. These conditions can be formulated mathematically as

~F(~r)+m~G = 0, (1)

∂Fx(~r)
∂x

< 0,
∂Fy(~r)

∂y
< 0,

∂Fz(~r)
∂ z

< 0, (2)

where ~r is the levitation point, ~F is the force created to levitate the object, m~G is the gravitational force, and
x,y,z are Cartesian coordinates. Comparing the derivatives terms above with Hooke’s law for linear springs, we
identify the negative partial derivatives of the radiation force as the stiffnesses of the trap.
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The radiation force on an object can be calculated from the linear scattering of an incident sound field of the
object in question [1]. For simple geometrical shapes this can be done analytically under appropriate approx-
imations. In this paper we only consider the levitating objects as small spherical beads, which allow for a
simple formulation of the radiation force using only the sound pressure p of the incident field and its spatial
derivatives, evaluated at the center of the sphere. This can be written as [2]

Fq =−
πκ0

k5 ℜ

{
ik2

Ψ0 p
∂ p∗

∂q
+ ik2

Ψ1 p∗
∂ p
∂q

+3iΨ1

(
∂ p
∂x

∂ 2 p∗

∂x∂q
+

∂ p
∂y

∂ 2 p∗

∂y∂q
+

∂ p
∂ z

∂ 2 p∗

∂ z∂q

)}
for each Cartesian coordinate q = x,y,z, and

Ψ0 =−
2(ka)6

9

(
f 2
1 +

1
4

f 2
2 + f1 f2

)
− i

(ka)3

3
(2 f1 + f2),

Ψ1 =−
(ka)6

18
f 2
2 + i

(ka)3

3
f2, f1 = 1− κ∗

κ0
, f2 = 2

ρ∗−ρ0

2ρ∗+ρ0
.

In these last equations subscript 0 indicate the medium (air) while subscript ∗ indicate the material of the
object, κ = 1/(ρc2) are the compressibilities, ρ are the densities, and c are the wave speeds respectively. The
free-space wavenumber is indicated with k, and the radius of the spherical object is a.
The sound pressure p and its spatial derivatives are calculated using linear superposition of the transducer
elements in the array. Each element is modeled as a point source with the directivity of a circular ring, i.e.

p j =
eikr j

r
J0(kr j sin(θ j))

where r j is the distance between element j and the levitation point, and θ j is the corresponding angle from the
element normal. The required spatial derivatives are calculated analytically from the above expression.

3 METHODS
3.1 Superposition with quiet zones
This method uses the superposition of two sound fields, each with a levitation trap and a so called quiet
zone [3]. The first sound field has a levitation trap at location A and a quiet zone at location B, while the
second sound field has a levitation trap at location B and a quiet zone at location A. The quiet zones are
necessary due to side lobes in the two fields which would, if not handled, interfere with the levitation trap in
the other sound field and potentially weakening or even destroying the trap.
To obtain a sound field with a levitation trap at ~rT and a quiet zone at ~rQ we use a variation of the method
from [3], optimizing the array phases and amplitudes in four stages to improve the convergence, stability, and
speed. In the first stage the cost function is

O1(~rT ) = wS∇ ·~F(~rT )+wp|p(~rT )|2,

i.e. to maximize the trap stiffness in the Cartesian directions and to minimize the squared pressure magnitude.
This initial stage is seeded with array element phases known to produce a trap close to the desired levitation
position [4], and the amplitudes are kept fixed at the maximum allowable level. The second stage use the
squared net force magnitude (including gravitational force) instead of the squared pressure magnitude as

O2(~rT ) = wS∇ ·~F(~rT )+wF |~F(~rT )+m~G|2,

and also optimizes the transducer amplitudes. The purpose of this stage is to fine-tune the position of the trap
center, since velocity gradient terms can move the trap center slightly from the position of a pressure minimum.
The third and fourth stages also include the quiet zone as

O3,4(~rT ,~rQ) = O2(~rT )+OQ(~rQ),
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optimizing only the phases in stage three but the phases and amplitudes combined in stage four. Stages two,
three, and four are started from the results found in the previous stage.
Two formulations of the quiet zone conditions OQ were investigated. The first formulation “pressure & velocity”
resembles the original approach by minimizing the squared pressure magnitude and the squared particle velocity
magnitude, i.e.

OQ,pv(~rQ) = wQ,p|p(~rQ)|2 +wQ,v|~v(~rQ)|2.

The other formulation “force & stiffness” instead minimizes the trap force and the trap stiffness in the quiet
zone, i.e.

OQ,FS(~rQ) = wQ,S|∇ ·~F(~rQ)|2 +wQ,F |~F(~rQ)|2.

This can be seen as a weaker requirement since it can allow higher sound pressure in the quiet zone, as long
as the field is such that it will not create any force on beads in the quiet zone.
This procedure is performed twice per trap separation distance, resulting in two sets of phases and amplitudes{

ϕ j,A

a j,A
from

~rT =~rA

~rQ =~rB

}
and

{
ϕ j,B

a j,B
from

~rT =~rB

~rQ =~rA

}
.

These two sets of phases and amplitudes are superposed on the array element level to create the superposed
sound field, as

c j =
a j,Aeiϕ j,A +a j,Beiϕ j,BeiΦ

2

where c j = a jeiϕ j is the complex representation of the superposed element phase and amplitude. Note how the
two fields are divided by two to not oversaturate the transducers, i.e. the total available power is split between
the two traps. The additional phase Φ is added equally to all transducer elements in one of the fields. Phase
shifting a single sound field by a constant addition does not change the structure of said field, since the absolute
phase of the individual sound fields does not hold any physical significance other than as a point of reference.
However, changing the relative phase between the fields will influence how the two fields interact in the regions
of significant interference.

3.2 Trap stiffness variance
This method for two-bead levitation creates a field with two levitation traps directly by maximizing the trap
stiffness and minimizing the squared pressure magnitude at the two point simultaneously, as

OD(~rA,~rB) = wS∇ ·~F(~rA)+wp|p(~rA)|2 +wS∇ ·~F(~rB)+wp|p(~rB)|2.

Applying this idea directly will typically converge to one very strong trap and one very weak trap. To prevent
this imbalance between the traps, the cost function is extended to also minimize the variance between the two
trap stiffnesses, as

OV (~rA,~rB) = OD(~rA,~rB)+wV
(∇ ·~F(~rA)−∇ ·~F(~rB))

2

2
where the last term is a simplified expression for the variance of two values.

4 SIMULATED CASES
The two quiet zone methods described in section 3.1 and the variance based method described in section 3.2
were used to calculate the array element phases and amplitudes for two different array geometries, singlesided
and doublesided, and two different trajectories of the moving trap position, horizontal and vertical, for a total
of four different cases per method.
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The singlesided array was chosen as a 16x16 element square matrix with 10 mm spacing between the elements,
modeled as point sources operating at 40 kHz. Note that at 40 kHz the wavelength is approximately 8.5 mm,
which mean that the array is undersampled in space and spatial aliasing will occur. One of the traps was always
placed 80 mm above the center of the array.
The doublesided array consists of two arrays of the same geometry as the singlesided array, facing each other
so that one is pointing up and the other is pointing down. The two halves are separated by 20 wavelengths, i.e.
17 cm. The fixed trap is in the center of the array both in vertical and horizontal directions, i.e. in the middle
of the line between the centers of the two sides of the doublesided array.
For the horizontal test cases the second trap is placed at the same height as the first trap but at a distance away
along the x-axis, i.e. along one of the major axes of the array grid. The vertical test cases instead has both
traps positioned above each other with the second trap placed either above or below the first trap, i.e. along the
z-axis.

5 RESULTS
5.1 Doublesided Arrays
Figures 1 to 3 show the positions of the two trap centers in the final sound fields for the three methods
using the doublesided array. It is clear that when the trap separation is larger than the wavelength all three
methods manage to successfully create the two traps in the correct positions. For trap separations smaller than
one wavelength the physical limitations of the sound field restricts the solution space and the optimizer cannot
successfully create the two traps in the positions specified. This is the so called breakdown region, and the
three methods behave differently.
For horizontal separations the two quiet zone methods tend to create two separated traps shifted away from the
target positions, but still separated by approximately one wavelength. This behavior is strongly influenced by
the relative phase shift between the two fields, and if not chosen properly the two traps will instead merge to
one large trap in between the two desired positions. For separations of less than 2 mm the quiet zone method
with ”force & stiffness” formulation only produces a single trap. The variance method behaves like the quiet
zone methods with incorrect relative phase, creating one larger trap between the two desired positions.
For vertical trap separations the quiet zone method with ”pressure & velocity” quiet zones tend to shift the
positions randomly in the horizontal directions while still maintaining a vertical separation of the beads. The
”force & stiffness” formulation is much more stable in this orientation, introducing a slight shift in the vertical
position of the traps. The variance method manages to create two separated traps down to approximately half
of the wavelength, although with some shifts in the horizontal directions. For trap separations smaller than half
of the wavelength the variance method completely fails to produce any traps.
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Figure 1. Final positions of the two traps when using a doublesided array and superposition of two fields with
”pressure & velocity” quiet zones.
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Figure 2. Final positions of the two traps when using a doublesided array and superposition of two fields with
”force & stiffness” quiet zones.
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Figure 3. Final positions of the two traps when using a doublesided array and the stiffness variance based
method.

5.2 Singlesided Arrays
Figures 4 to 6 show the positions of the two trap centers in the final sound fields for the three methods using
the singlesided array.
The quiet zone method with the ”pressure & velocity” formulation creates traps which horizontally behaves
similar to the doublesided versions, keeping the separation of at least a wavelength by moving the two traps
slightly. It does not, however, manage to create the traps at the desired height. This is linked to the fact that
most of the vertical force comes from the traveling nature of the wave, and the force gradient is much smaller
than for the doublesided array. This causes small changes in the overall sound field amplitude to change the
vertical position of the trap. The quiet zone method with the ”force & stiffness” formulation creates horizontally
separated traps down to a requested separation of one wavelength, but again with a shift in the vertical position
of the traps. For smaller separations it does not manage to create two traps, regardless of the relative phase
shift between the two fields.
The variance based method only manages to create traps at the correct positions when the horizontal separation
is larger than 18 mm, and produces no traps at all for separations smaller than one wavelength.
For vertical separations of the traps all three algorithms fail to keep the traps apart for most of the range,
instead merging the two traps to a single trap. If the vertical trap separation is very large the traps are created
at different heights as intended. This occurs for smaller separations closer to the array, when the traps are
approximately 50 mm and 80 mm away from the array, but for the ”pressure & velocity” quiet zone formulation
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it also works for trap positions around 80 mm and 110 mm.
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Figure 4. Final positions of the two traps when using a singlesided array and superposition of two fields with
”pressure & velocity” quiet zones.
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Figure 5. Final positions of the two traps when using a singlesided array and superposition of two fields with
”force & stiffness” quiet zones.

6 CONCLUSIONS
The creation of two acoustic levitation traps in close proximity to each other were investigated in the context of
using ultrasonic transducer phased arrays. Three different methods based on numerical optimization were used,
as well as both doublesided and singlesided arrays. Traps were separated by various distances, either in the
same horizontal plane or on the same vertical axis.
For doublesided arrays all three methods manage to create separated traps down to one wavelength horizontal
separation or half of a wavelength vertical trap separation. Singlesided arrays manage to create separated traps
down to one wavelength separation in the horizontal plane, although not always on the correct height. When
placing two traps on the same vertical axis above a singlesided array the traps needs to be separated by at least
25 mm, depending on the design method used and the distance from the array.
For trap separations of less than one wavelength (one half wavelength in the vertical direction for doublesided
arrays) none of the investigated methods is able to achieve the desired trap placement. If a quiet zone based
superposition is used and a suitable relative phase between the two fields is found there will still be two
separated traps, but shifted in position to maintain the required separation.
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Figure 6. Final positions of the two traps when using a singlesided array and the stiffness variance based
method.
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Abstract
Sparsity-based sound field reproduction algorithms often result in improved localization and larger reproduction
region, but also lead to high computational cost. In this work, we present a novel approach for sparse reproduc-
tion, where a deep neural network (DNN) is trained to determine the optimal driving signals for a loudspeaker
array, given the desired sound field coefficients as the input. We show that when trained using the proposed
method, the DNN-based algorithm can outperform existing Lasso-based algorithms in terms of noise sensitivity
and computation speed.
Keywords: Soundfield reproduction, deep neural networks

1 INTRODUCTION
Sound field reproduction systems aim to reproduce a desired sound scene so that listeners in a certain repro-
duction region can perceive the reproduced sound as if they were located in the original sound field where the
recording was made. A loudspeaker array is often placed close to the reproduction region, and various ap-
proaches have been developed to determine the placement of these loudspeakers as well as the driving signals
for each loudspeaker. One main approach for sound field reproduction is Wave-Field Synthesis [1, 2], which
is based on the Kirchhoff-Helmholtz integral, this method delivers high reproduction accuracy over a reason-
ably large region, however the number of loudspeakers increases significantly for high frequencies. Another
approach is Ambisonics / Higher Order Ambisonics [3, 4, 5, 6, 7], where the sound field is represented using
first order or higher order spherical harmonics. This approach typically produces a “sweet spot” or a spherical
reproduction region which scales with the frequency as well as the number of loudspeakers available, for higher
frequencies and large reproduction region, it is necessary to use an unrealistic number of loudspeakers.
Sound field reproduction techniques which exploit the sparsity of the sound field present a new approach to
solving the problem. The 1-norm regularized LMS algorithm, or Lasso, can be utilized to effectively reduce
the number of active loudspeakers [8, 9, 10, 11, 12]. In [8], a Lasso algorithm is used first to determine a
subset of loudspeakers for producing a certain sound field, then the driving signal for each active loudspeaker is
calculated using a pressure matching approach. This method is shown to use a smaller number of loudspeakers
to produce satisfactory reproduction quality. In [13], a Lasso-based algorithm is developed to optimize the sound
field reproduction for under-sampled sound fields and judicious loudspeaker placements. A latent group Lasso
algorithm is proposed in [14] to improve the accuracy of Lasso-based reproduction algorithms.
The solution of Lasso problems are not linear, and they need to be calculated in an iterative manner, thus
resulting in high computational cost. On the other hand, Deep Neuron Networks (DNN) have predictable com-
putational cost, and dedicated hardware such as GPUs can further accelerate the computation of DNN outputs.
More importantly, DNNs are well know for their ability in predicting non-linear transfer functions. Neural Net-
works have already seen wide use in the audio signal processing area, including speech recognition [15], source
separation [16], beamforming [17] and DOA estimation [18]. However, to the best of our knowledge, its appli-
cation in sound field reproduction has yet to be developed. In this work, we present a DNN-based sound field
reproduction algorithm, including its training method. We show that the DNN can be trained to generate sparse
loudspeaker driving signals to reproduce plane wave sound fields. The solution is compared with Lasso-based
algorithm, and we show that the DNN algorithm is able to generate more stable driving signals in the presence
of noise and reverberation.
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2 PROBLEM FORMULATION
It has been shown that Least-Mean-Square based Pressure-Matching methods for spatial sound reproduction can
lead to degraded localization performance, due to the fact that all the loudspeakers in the reproduction array
been activated [8]. Therefore, in this work, we aim to derive a sparse reproduction algorithm which minimizes
the number of active loudspeakers for a given sound field. For this purpose, it is necessary that the desired
sound field exhibit some form of sparsity in nature. Thus, we make the following assumptions regarding the
sound field model:

1: At each frequency k, there exists one dominant acoustic source, the sound field due to which is to be
reproduced by a loudspeaker array.

2: The dominant source is sufficiently far, such that its sound field at the reproduction region can be seen as a
plane wave.

3: The reverberations, noise and other interferences are weaker than the direct-path signal from the dominant
source, and are uncorrelated with the direct-path signal.

We further assume that a higher order microphone array is placed at the observation point to record the orig-
inal sound field, which is capable of decomposing the captured sound field into Nth order spherical harmonic
coefficients [19, 20]

P(r,θ ,φ ,k)≈
N

∑
n=0

n

∑
m=−n

Cnm(k) jn(kr)Ynm(θ ,φ), (1)

where P(r,θ ,φ ,k) denotes the sound pressure at position (r,θ ,φ), k is the wave number, jn(kr) is the spherical
Bessel function;, Ynm(θ ,φ) is the spherical harmonic coefficient and Cnm are the spherical harmonic coefficients.
Using Assumptions 1 and 3, the spherical harmonic coefficients can be further decomposed as

Cnm(k) = Dnm(k)+Rnm(k)+Unm(k), (2)

where Dnm(k), Rnm(k) and Unm(k) are the spherical harmonic coefficients of the direct-path signal, reverberation/
interference, and measurement noise, respectively.
Assuming that a loudspeaker array is used to reproduce the sound field due to the dominant acoustic source,
with the spherical harmonic based channel vector of the lth loudspeaker expressed as hhh` = [H`

00,H
`
11...H

`
NN ]

T ,
the goal of this paper is to find a set of loudspeaker driving signals Wl , such that the resulting sound field
best approximates the desired direct-path signal, while minimizing the total number of active loudspeakers. The
corresponding cost function can be written as

argmin
WWW
‖WWWHHH−DDD‖2

2 +λ‖WWW‖1, (3)

where ‖·‖2 and ‖·‖1 denote vector 2-norm and 1-norm, respectively, WWW = [W1,W2, ...WL] is the vector of driving
signals for all the L speakers in the array, HHH = [hhh1,hhh2, ...hhhL] is the channel matrix between the loudspeaker array
and the reproduction region, and DDD = [D00,D11, ...DNN ] is the vector of desired spherical harmonic coefficients.
We note that instead of attempting to reproduce the complete sound field represented by Cnm, the cost function
(3) aims to minimize the reproduction error for the direct-path signal only, and ignore the noise and interference
components that may be present in the recorded sound field, which differs from existing sparse reproduction
algorithms in the literature. The motivation is that, in a non-anechoic reproduction environment, the recorded
reverberation will add to the reverberation of the reproduction room, hence leading to excessive reverberation
energy which degrades the clarity of the desired signal; furthermore, the reverberations may activate additional
loudspeakers, which further degrades the localization of the system.
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3 DNN-based sound field reproduction
3.1 Sparse driving signal calculation using complex Lasso
The cost function (3) has the standard Lasso problem formulation, where the penalty parameter λ can be ad-
justed to change the balance between the reproduction accuracy and the sparsity of the loudspeaker driving
signals. Various algorithms have been proposed for solving the Lasso optimization problems, including Coordi-
nate Descent and Alternating Direction Method of Multipliers (ADMM). In general, these algorithms operate on
real-valued inputs. However, the problem (3) is complex-valued. It is thus necessary to transform the problem
into a real-valued equivalent problem so that it can be solved using existing methods.
To perform the transform, we first define ŴWW ` =

[
R(W`)I (W`)

]
, D̂DDnm =

[
R(Dnm)I (Dnm)

]
ĤHH

`
nm =

[
R(H`

nm) −I (H`
nm)

I (H`
nm) R(H`

nm)

]
. (4)

Then, we construct the real-valued matrices W̄WW =
[
ŴWW 1 ŴWW 2 . . .ŴWW L

]
, D̄DD =

[
D̂DD00 D̂DD11 . . . D̂DDNN

]

H̄HH =


ĤHH

1
00 ĤHH

1
11 . . . ĤHH

1
NN

ĤHH
2
00 ĤHH

2
11 . . . ĤHH

2
NN

...
...

. . .
...

ĤHH
L
00 ĤHH

L
11 . . . ĤHH

L
NN

 . (5)

Then the real-valued equivalent of (3) can be written as [21]

argmin
W̄WW
‖W̄WWH̄HH− D̄DD‖2

2 +λ

L

∑
`=1
‖ŴWW `‖2. (6)

Eq. (6) represents a group Lasso problem with a constant group size of 2, which can be solved using the
ADMM method [22].

3.2 Training dataset for the DNN
The Lasso solution in Section 3.1 cannot be used directly to compute the desired driving signal, because Dnm
is combined with the unknown interfere and noise components in the received coefficients Cnm. In this section,
we propose a method to train a deep neural network, such that the DNN learns to estimate the desired plane
wave component, and produce the desired sparse driving signals in the presence of noise and interference.
In the ideal case where Rnm and Nnm equal to zero, for a given loudspeaker channel matrix HHH and a given
impinging direction (ϑ j,ϕ j), we can use the complex Lasso algorithm to solve for the optimal driving signal
vector WWW ` where based on Assumption 2 in Section 2, the spherical harmonic coefficients due to the dominant
plane wave can be expressed as [3]

D j
nm = in ·Y ∗nm(ϑ j,ϕ j). (7)

Considering a total of J impinging directions which are uniformly sampled over the sphere, we can then solve
for the corresponding J number of driving vectors. The total set of {DDD j}= {[D j

00,D
j
11, ...D

j
NN ]} and {WWW j} form

the basis of the training dataset for the DNN.
In reality, the phase of D j

nm will vary, and thus phase of the optimal driving signal will change accordingly.
To model this behavior, we augment the training dataset by adding a random phase shift to both D j

nm and WWW j,
such that

DDD j,z = DDD j ·ρ j,z, (8)
WWW j,z =WWW j ·ρ j,z, (9)
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where ρ j,z is a complex random variable with unity amplitude and a uniform phase distribution over [0,2π).
Our goal is to train the neural network such that its output is not affected by the presence of the reverberations
and noises that may be present in the recorded coefficients Cnm. To model this behavior, we further augment
the training data by adding a complex gaussian noise σ to each plane wave coefficients, such that

DDD j,z,v = DDD j,z +σσσ j,z,v, (10)

where σσσ j,z,v = [σ j,z,v
00 ,σ j,z,v

11 , ...σ j,z,v
NN ] is a vector of instances of the random variable σ , corresponding to each

spherical harmonic coefficient. Since the DNN is expected to produce the same output regardless of the value
of σσσ j,z,v, the desired output signal WWW j,z is not further augmented, thus all of DDD j,z,v are paired with the same
desired output vector WWW j,z. This augmentation procedure results in a total of J×Z×V training samples.
To improve the training speed as well as outcome, the training data for the neural network should be normalized.
We define the normalized training input and output data as D̃DDnorm

j,z,v and W̃WW norm
j,z , where

D̃DDnorm
j,z,v =

D̃DD j,z,k

‖D̃DD j,z,k‖2
,W̃WW norm

j,z =
W̃WW j,z

‖D̃DD j,z,k‖2
. (11)

Thus, it is necessary to also normalize the input data when using the trained DNN to calculate driving signal,
and consequently the DNN output needs to be multiplied by the corresponding input coefficient norm to obtain
the correct loudspeaker driving signals.

3.3 Structure of the DNN
In general, DNNs operate on real-valued data. Thus it is necessary to convert the complex valued input signals
into real-valued vectors for the DNN. A natural choice is to use the real and imaginary parts of DDD j,z,k and WWW j,z
directly, however, it was found that the complex and non-linear relationship between the real and imaginary part
results in poor learning outcome for the neural network.
Therefore, we propose to instead compute the absolute value and phase of the training data, so that

D̃DD j,z,k =
[
|DDDnorm

j,z,k |, ∠DDDnorm
j,z,k
]
, (12)

W̃WW j,z =
[
|WWW norm

j,z |, ∠WWW norm
j,z ]

]
. (13)

We propose to use a neural network with two fully connected hidden layers, each consisting of 1,000 neurons
and using the rectified linear unit (ReLU) activation function. The input layer is of size 2(N+1)2, corresponding
to the size of D̃DD j,z,k; while the output layer consists of (N+1)2 neurons, corresponding to the size of W̃WW j,z. The
linear activation function is used for the output layer.

4 PERFORMANCE ANALYSIS
4.1 System setup
To validate the performance of the proposed DNN-based sound field reproduction system, we train the proposed
DNN using a realistic system setup, consisting of 30 loudspeakers surrounding the reproduction region. The
loudspeakers are arranged in a dodecahedron geometry, with each loudspeaker placed on the middle point of
every edge of the dodecahedron. This placement allows sound field reproduction up to 3rd order via near-
uniform sampling of the sphere[23].
For simplicity, we model the loudspeakers as plane wave sources, hence each element in the channel matrix
can be written as

H`
nm = in ·Y ∗nm(θ`,φ`), (14)

where (θ`,φ`) represent the impinging direction of the `th speaker in the array. We uniformly sample J = 1348
directions over the sphere, and generate the corresponding plane wave coefficients up to order N = 1 using
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group Lasso with λ = 0.02. The plane wave coefficient vectors from each impinging direction is then augmented
with Z = 50 random phase angles. Finally, we add V = 10 complex random noise vectors to each augmented
coefficient vector at SNR = 10, resulting in a total of 674,000 training samples. The DNN is then trained using
the MatLab Deep Learning Toolbox.

4.2 Behavior analysis
4.2.1 Driving signal sparsity
To analyze the behavior of the trained neural network, we use both the Lasso algorithm and the DNN to
calculate the loudspeaker driving signals for plane waves of various directions. For comparison, we also the
results using the Least-Mean-Square (LMS) Mode Matching method, which is calculated by [6]

WWW = DDD(HHHHHHH)−1HHHH , (15)

where (·)H denotes Hermitian transpose. The loudspeaker driving signals for impinging directions (ϑ = 36◦,ϕ =
−31◦) and (ϑ = 104◦,ϕ = 140◦) are shown in Fig. 1. We note that neither of these two impinging directions
are included in the training dataset.
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Figure 1. Comparison of loudspeaker driving signal amplitudes calculated using Lasso, DNN and LMS mode
matching, for impinging direction (a) ϑ = 36◦,ϕ =−31◦, and (b) ϑ = 104◦,ϕ = 140◦.

From Fig. 1, we can observe that the complex Lasso algorithm is able to generate very sparse solutions to
reproduce the plane waves, with only 3 loudspeakers active in each case, and the activated loudspeakers are the
nearest ones to the desired impinging direction. The DNN is able to produce driving signals that are nearly
identical to the Lasso solution, indicating that the network has successfully learned the behavior of the Lasso
algorithm. On the other hand, the LMS Mode Matching algorithm results in solutions where nearly all the
loudspeakers are activated with similar driving amplitude. It can be expected that both the Lasso and DNN
algorithm can produce better localization performance than the LMS algorithm.
We also notice in Fig. 1 that the DNN tends to produce very low amplitude driving signals for many unneces-
sary speakers. The amplitude of these normalized outputs are typically less than 0.015, which is more than 10
times lower than the dominant driving signals. This artefact can be rectified by applying a simple threshold to
the normalized DNN output which forces small driving signals to 0.

4.2.2 Noise resistance
To verify the DNN-based algorithm’s ability to reject noise / interference, we compare the variation of its output
under noisy input conditions. First we define the performance parameter

η ,
∑

L
`=1 E{|W true

` −W noise
l |}

L
, (16)

where E{·} denotes expectation, W true
` and W noise

` denote the calculated driving signal due to noise-free input
coefficients and noisy input coefficients, respectively. Essentially (16) calculates the average variation of driving
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Figure 2. Mean variation of driving signal amplitude at various SNR.

Table 1. Computation time for rendering an audio stream using ADMM Lasso, and DNN using both CPU and
GPU.

Audio Length ADMM Lasso DNN-CPU DNN-GPU
0.1 second 1.3s 0.61s 0.67s
1 second 19s 4.3s 1.0s

10 second 161s 48s 5.4s

signal magnitude due to noise; a low value of η indicates that the output is able to remain relatively constant
in spite of noise and interference.
The value of η at SNR = 5−30 is calculated for both the Lasso algorithm and the DNN algorithm. For each
SNR, η is estimated by averaging over 1,000 iterations. The results are shown in Fig. 2.
It can be seen from Fig. 2 that the DNN algorithm consistently outperforms the Lasso solution in terms of
noise resistance, this is particularly significant at low SNR. Unsurprisingly, the value of η gradually decreases
with increased SNR, for both the Lasso and DNN algorithm. We can thus conclude that although the DNN
algorithm cannot completely remove the effect of noise and interference, it is able to generate more consistent
and accurate driving signals than the Lasso algorithm, especially at lower SNR.

4.3 Computational Complexity
The computation times for rendering an audio stream using ADMM Lasso and the DNN algorithm are shown
in Table. 1. All algorithms are implemented in MatLab, running on a PC with 2.6GHz Core-i7, 16GB RAM
and GTX 1060 GPU. We can see that for rendering a very short audio frame (0.1s), the time cost is very
similar for all three algorithms; however, as the audio length increase, the time cost of ADMM Lasso increases
almost linearly, while the DNN algorithms see a much smaller increase, especially when GPU is utilized. This
phenomenon is mainly due to overheads of the MatLab’s in-built Deep Learning Toolbox. Overall, it can be
seen that the DNN algorithm has a much higher computation speed compared to ADMM Lasso, especially
when GPU is utilized, hence the proposed method has great potential for real-time rendering applications.

5 EXPERIMENTAL RESULTS
To validate the performance of the proposed DNN algorithm in real-life scenarios, we use the Eigenmike and
a spherical 30-loudspeaker array to record and reproduce sound fields in lab environment. The loudspeaker
array is arranged in the same geometry as described in Sec. 4.1, as can be seen in Fig. 3(a). We note that the
acoustic lining on the walls only partially reduce reflection.
In the experiment, we first use loudspeaker No.23 (labeled in Fig. 3(b)) to play a wide band music content. The
audio is recorded by the Eigenmike placed at the origin (center). The Eigenmike is placed with its coordinate
system rotated 45◦ clockwise from the coordinate system of the loudspeaker array, which is equivalent to shift-
ing loudspeaker No.23 counter-clockwise, to the virtual source location indicated in Fig. 3(b), when reproducing
the sound field. This makes the problem of reproducing the recorded sound field no longer trivial, and require
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more than one loudspeaker.

(a) (b)
Figure 3. (a) The dodecahedron loudspeaker array used to reproduce sound field. (b) The position of the virtual
source direction and the loudspeakers in its proximity.

The recorded music is processed in an overlap-add manner with a frame size of 1024 samples and 75% window
overlap, at 48kHz sample rate. For each frequency bin, we calculate the spherical harmonics up to order N = 1,
and use the trained DNN to generate the driving signal for each loudspeaker. The mean driving signal energy
of each loudspeaker is shown in Fig. 4, which is calculated by averaging the frequency-domain signal energy
over 200-4000 Hz.
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Figure 4. Driving signal energy of the loudspeaker array to produce the sound field recorded by the Eigenmike.

We can see from Fig. 4 that the output energy shows a very sparse pattern, with loudspeaker 22, 23 and 27
having the highest output energy, followed by loudspeaker 13 and 14. Comparing with Fig. 3(b), we see that
these are the nearest speakers to the source location, and their driving energy is proportional to the distance
between the speaker and the source location. Subjective listening also confirms that the sound imaging is
correct over a large area around the origin, further validating that the proposed algorithm is able to reproduce
the desired sound field using sparse driving signals.

6 CONCLUSION
We present a novel DNN-based sound field reproduction algorithm, where a DNN is trained to generate a sparse
set of loudspeaker driving signals to reproduce a desired plane wave, while suppressing noise and interference
added to the plane wave. We show that the proposed algorithm is more noise-invariant than the Lasso solution,
with lower computation cost. The algorithm is validated in the lab using wide band recording and a 30-channel
loudspeaker array.
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ABSTRACT

Wave field synthesis is a well established sound reproduction technique, where the wavefront of a desired sound
field is physically recreated within an extended target area by using a large number of individually driven loud-
speakers. For a non-continuous loudspeaker distribution, the synthesized sound field typically exhibits spatial
aliasing artifacts which occur above an upper frequency limit. If the synthesis in a relatively small area is con-
cerned, called local wave field synthesis, the physical accuracy of the sound field can be improved significantly.
This was achieved in a recently proposed method, where the target sound field is expanded into a finite number
of cylindrical harmonic components with respect to a properly chosen expansion center. The present paper deals
with the time domain realization of this method for a 2.5-dimensional setup. The driving function for a virtual
plane wave is derived based on the time domain version of the spherical harmonics expansion. Due to the low
computational cost, the proposed approach is well suited for real-time implementation. The spatial, temporal,
and spectral properties of the synthesized sound fields are evaluated by numerical simulations.

Keywords: local wave field synthesis, spherical harmonics expansion, time domain

1 INTRODUCTION
Wave Field Synthesis (WFS), sometimes called wavefront synthesis, is a sound field synthesis method which
is based on the high frequency approximation of the Kirchhoff-Helmholtz integral equation [1, 2]. While the
high spatial fidelity of WFS is consistently supported by listening experiments [3–6], the timbral degradation
is still a challenge [7, 8]. This is mainly attributed to the discrete distribution of secondary sources, which
causes spectral distortions, called spatial aliasing artifacts. The artifacts are pronounced at high frequencies,
where, roughly speaking, the half wavelength is smaller than the distance between the loudspeakers. Unless a
continuous (or at least quasi-continuous in a practical sense) loudspeaker array is developed, spatial aliasing is
inevitable and should be accepted as a physical limitation.
Although the spatial aliasing artifacts cannot be removed completely, it is possible to spatially redistribute them
in a controlled way. If the requirement for an accurate synthesis is relaxed to a smaller area, the performance
can be improved at the expanse of stronger artifacts occurring elsewhere. Such a technique is called local WFS
and a couple of methods were proposed in the past years [9–11]. The present study focuses on the method
using spatial band limitation [11], where the target sound field is expanded in terms of spherical/cylindrical
harmonics with respect to the target position, and the size of the aliasing-free area is controlled by varying the
maximum order of the expansion. The driving function of this method was initially derived in the temporal
frequency domain, which demands intense computations due to the evaluation of the Bessel functions at all
frequency bins. Two time domain realizations are introduced in [12,13], one of which exploits the time domain
representation of the cylindrical harmonics expansion [13]. While it exhibits significantly lower computations,
some tweaks are needed to cope with temporal aliasing and excessive amplitude.
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In this paper, an improved version of the time domain driving function is proposed for local WFS. The pro-
posed driving function is derived in Sec. 2. The so called 2.5-dimensional (2.5D) setup is considered, meaning
that a 2D target sound field is synthesized by means of secondary point sources distributed in the horizontal
plane. Similar to [13], the target sound field is initially described in terms of cylindrical harmonics with a
limited spatial bandwidth, i.e. finite number of cylindrical harmonics. The spatial windowing associated with
the directional gradient and secondary source selection is performed in the cylindrical harmonics domain, and
the resulting coefficient is converted into the spherical harmonics domain, followed by amplitude correction and
equalization. In Sec. 3, the proposed driving function is used in numerical simulations in order to evaluate the
accuracy of the synthesized sound fields. The paper closes with a brief conclusion in Sec. 4.

1.1 Nomenclature
The following notational conventions are used throughout this paper. Frequency domain sound fields are denoted
by uppercase S(x, ω) and time domain sound fields by lowercase s(x, t), where ω = 2πf denotes the angular
frequency and t the time. Position vectors x = (r, θ, φ) are denoted by lowercase boldface. Unless stated
otherwise, the spherical coordinates are used, where θ denotes the colatitude and φ the azimuth. A scalar
product of two vectors is denoted by 〈·, ·〉. The imaginary unit is denoted by i and the speed of sound by c.
The cylindrical harmonics expansion of a 2D interior sound field reads [14, Eq. (4.49)]

S(x, ω) =
∞∑

m=−∞
S̊m(ω) i−mJm(ωc r sin θ) eimφ, (1)

where Jm(·) denotes the cylindrical Bessel function of the first kind, and S̊m(ω) the expansion coefficient. The
spherical harmonics expansion of an interior sound field reads [14, Eq. (6.21)]

S(x, ω) =
∞∑
n=0

n∑
m=−n

S̆nm(ω) i−njn(ωc r) Ynm(θ, φ) (2)

where jn(·) denotes the spherical Bessel function of the first kind, and S̆nm(ω) the expansion coefficient. The
spherical harmonic of degree n and order m is defined as

Ynm(θ, φ) =
√

2n+1
4π

(n−m)!
(n+m)!P

m
n (cos θ)eimφ, (3)

where Pmn (·) denotes the associated Legendre polynomial.

2 DRIVING FUNCTIONS

2.1 Conventional WFS
The conventional 2.5D driving function for a virtual plane wave propagating in the direction npw = (1, π2 , φpw)
reads [15, Eq. (2.177)]

DWFS(x0, ω) =
√

8π‖xref − x0‖
√
iωc max{〈npw,n0(x0)〉, 0}︸ ︷︷ ︸

a(x0)

e−i
ω
c 〈npw,x〉 (4)

in the frequency domain, and [15, Eq. (2.178)]

dWFS(x0, t) =
√

8π‖xref − x0‖ h(t) ∗t a(x0) δ
(
t− 〈npw,x〉

c

)
(5)

in the time domain, where δ(t) denotes the Dirac delta function and ∗t the convolution in the time domain. The
position of the secondary sources is denoted by x0 = (r0,

π
2 , φ0), and the inward surface normal vector at x0 by
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n0(x0) = (1, π2 , φn0). The amplitude errors occurring in 2.5D configurations can be corrected by
√
‖xref − x0‖

for a reference position xref. Compensating the dimensionality mismatch between the 2D sound field and the 3D
secondary sources (point sources) also requires the equalization

√
iωc which exhibits a slope of +3 dB/octave

and a constant phase of π
4 . In the time domain, this is performed by the filter h(t) = F−1{

√
iωc }. The spatial

window a(x0) is a rectified cosine function which activates the secondary sources only if 〈npw,n0(x0)〉 > 0.
It also applies a cosine weight 〈npw,n0(x0)〉 > 0 which comes from the direction gradient of the sound field.
The interested readers are referred to [2, 15] for more detailed treatments.

2.2 Local WFS
For local WFS of a plane wave, a spatial band limitation is applied to the sound field in the cylindrical har-
monics domain. In the horizontal plane (θ = π

2 ), this reads [16, Sec. 2.6]

S(x, ω) =
M∑

m=−M
e−imφpw︸ ︷︷ ︸
S̊m(φpw)

i−mJm(ωc r)e
imφ, (6)

where M denotes the spatial bandwidth of the expansion. Notice that the coefficient S̊m(φpw) = e−imφpw also
describes the 2D plane wave expansion of the sound field [16, Sec. 2.6],

S(x, ω) =
∫ 2π

0

M∑
m=−M

S̊m(φpw)eimφ̄︸ ︷︷ ︸
S̄(φ̄)

e−i
ω
c r cos(φ−φ̄)dφ̄, (7)

where the sound field is represented as a superposition of plane waves. The direction of the individual plane
waves is denoted by n̄ = (1, θ̄, φ̄) and the corresponding amplitude by S̄(φ̄). A spatial band limitation con-
stitutes a rectangular windowing of S̊m(ω) in the m domain, which corresponds to a circular convolution with
a periodic sinc function in the φ̄ domain. For a single plane wave, i.e. S̄(φ̄) = δ(φ̄ − φpw), a spatial band
limitation smears the spatial structure of the sound field.
For a given secondary source position x0, the spatial window

a(x0) = max{〈n̄,n0(x0)〉, 0} (8)

has to be applied to every plane wave in (7). The window function can be approximated as a truncated Fourier
series expansion (equivalent to cylindrical harmonics expansion),

a(x0) ≈
Ma∑

m=−Ma

åm(φn0) eimφ̄, (9)

where Ma denotes the modal bandwidth and åm(φn0) the Fourier coefficients,

åm = 1
2π

∫ π

−π
a(x0) e−imφ̄dφ̄ =


(−1)m/2

π(1−m2)e
−imφn0 , m even

1
4e
−imφn0 , m = ±1

0, else.

(10)

The spatial windowing is performed in the cylindrical harmonic domain which constitutes a convolution (denoted
by ∗m) of the coefficients,

D̊m(φpw, φn0) = S̊m(φpw) ∗m åm(φn0) :=
µmax∑
µ=µmin

S̊µ(φpw) åm−µ(φn0), m = −(M +Ma), . . . , (M +Ma), (11)
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where µmin = max{−M,−Ma + m} and µmax = min{M,Ma + m}. The coefficient D̊m(φpw, φn0) exhibits a
spatial bandwidth of Md = M + Ma. Notice that D̊m(φpw, φn0) describes the spatially windowed version of
the sound field which corresponds to the last two terms in the right-hand side of (4) or (5). The amplitude
correction and equalization are not applied yet.
At this point, D̊m(φpw, φn0) can be used to represent the driving function as a 2D plane wave expansion or
equivalently as a cylindrical harmonics expansion. However, as discussed in [13], the analytical time domain
modeling of the radial function Jm(ωc r) causes temporal aliasing which requires some heuristic adjustments. In
the present work, this is avoided by replacing the cylindrical harmonics expansion with a spherical harmonics
expansion. For 2D sound fields, the coefficient can be converted as [17, Eq. (14)]

D̆nm(φpw, φn0) = 4πY ∗nm(π2 , 0) D̊m(φpw, φn0). (12)

Note that, an additional term im−n is present in [17, Eq. (14)], as the definition of the coefficients is slightly
different. The resulting spherical harmonics expansion reads

D̃(x0, ω) =
Md∑

m=−Md

∞∑
n=|m|

4π Y ∗nm(π2 , 0) D̊m(φpw, φn0) i−njn(ωc r0) Ynm(π2 , φ0) (13)

≈
Md∑

m=−Md

N∑
n=|m|

4π Y ∗nm(π2 , 0) D̊m(φpw, φn0) i−njn(ωc r0) Ynm(π2 , φ0). (14)

While (13) is equivalent to the cylindrical harmonics expansion, (14) is an approximation of the former where
the degree n is truncated to N . The radial part is now described by spherical Bessel functions jn(ωc r0) which
exhibit a strong roll-off at high frequencies, therefore, the time discretization causes significantly less temporal
aliasing.
The only frequency dependent term in (14) is jn(ωc r0) whose inverse Fourier transform reads [18, Eq. (10.59.1)]

F−1{i−njn(ωc r0)} = c
2r0
Pn( ctr0

), (15)

with Pn(·) denoting the Legendre polynomial. The time domain representation of the spherical harmonics ex-
pansion thus reads [19]

d̃(x0, t) = c

2r0

NMd∑
nm

4πY ∗nm(π2 , 0)F−1{D̊m(φpw, φn0)} ∗t Pn( ctr0
) Ynm(π2 , φ0) (16)

= c

2r0

NMd∑
nm

4πY ∗nm(π2 , 0)D̊m(φpw, φn0)Pn( ctr0
) Ynm(π2 , φ0) (17)

= c

2r0

NMd∑
nm

(2n+ 1)Pn( ctr0
)D̊m(φpw, φn0)Km

n e
imφ0 , (18)

where a shorthand notation is used for the double summation,
∑NMd

nm :=
∑Md

m=−Md

∑N
n=|m|. The frequency

independence of D̆nm(φpw, φn0) is exploited in the second equality, i.e.

F−1{D̊m(φpw, φn0)} = D̊m(φpw, φn0) · δ(t).

The coefficient Km
n in the third equality is defined as [20, p. 783]

Km
n := (n−m)!

(n+m)!
(
Pmn (0)

)2 =
{ (n−m−1)!!(n+m−1)!!

(n+m)!!(n−m)!! , n+m even

0, n+m odd,
(19)
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with (·)!! denoting the double factorial. It can be computed efficiently by exploiting K0
0 = 1 and the recurrence

relations,

Km
n = n+m−1

n+m Km−1
n−1 , Km

n = n−m−1
n−m Km+1

n−1 . (20)

Notice from (19) that the spherical harmonics expansion of a 2D sound field requires only the coefficients with
even n+m. Finally, the time domain driving function is obtained by multiplying the amplitude correction factor
and applying the equalization filter (cf. (5)),

dLWFS(x0, t) =
√

8π‖xref − x0‖ h(t) ∗t
c

2r0

NMd∑
nm

(2n+ 1)Pn( ctr0
) D̊m(φpw, φn0)Km

n e
imφ0 . (21)

Once the target position xref is determined, the coordinate system can be translated so that it coincides with the
origin, i.e. x′ = x− xref. The driving function is then simplified as

dLWFS(x′0, t) = c

√
2π
r′0

h(t) ∗t
NMd∑
nm

(2n+ 1)Pn( ctr′
0
) D̊m(φpw, φn0)Km

n eimφ
′
0 , (22)

where x′0 = x0 − xref = (r′0, π2 , φ
′
0) denotes the secondary source position in the new coordinate system.

3 EVALUATION
The local synthesis of a virtual plane wave is simulated by using the proposed driving function (22). A total
of 60 ideal secondary point sources are uniformly distributed on a circle with radius of 1.5 m (spacing of
15.7 cm). The virtual plane wave propagates in the −y direction, i.e. npw = (1, π2 ,−

π
2 ). Four different target

positions (x, y, z) are chosen, where the spatial aliasing artifacts should be suppressed:

‘Center’ : (0, 0, 0), ‘Right’ : (0.75, 0, 0), ‘Front’ : (0, 0.75, 0), ‘Back’ : (0,−0.75, 0).

In each case, the target position is used as the expansion center of the driving function. While the spatial
bandwidth of the sound field is varied M = 15, 23, a fixed bandwidth Ma = 20 is used for the spatial window
a(x0). The maximum order of the spherical harmonics expansion is thus Md = M + Ma = 35, 43, and the
maximum degree n is set equal to the maximum order N = Md. The discrete-time driving function is obtained
by sampling (22) at integer multiples of the sampling interval. A max-rE window is applied to the driving
function [21, Eq. (10)]. The simulations are performed at a sampling rate of fs = 88.2 kHz, but the frequency
responses are evaluated only for audio band f ≤ 22 kHz. The pre-equalization filter is realized as a linear phase
FIR filter (513 taps), therefore the constant phase π

4 is omitted. The speed of sound is set to c = 343 m/s.
The driving functions are shown in Fig 1, where the equalization filter is not applied to better visualize the
temporal structure. The first thing to notice is the high amplitude pulses along the curve t = r0

c cos(φ0 − φpw)
for φ0 ∈ [0, π), which is almost independent to the target positions. This shows that, in the low frequencies, the
local WFS driving function coincides with the conventional one (5). The fine structure of the driving functions,
representing the high frequency components, depends on the target position with varying spatial and temporal
characteristics. The non-causality of the driving functions is due to the definition of the plane wave which
passes the origin at time t = 0. In practice, a pre-delay has to be added.
The synthesized sound fields on the xy-plane are visualized in Fig. 2. At each target position (indicated by
‘+’), a strong impulse is received which corresponds to the wavefront of the virtual plane wave. In the bottom
row, the driving functions are band limited in the temporal frequency domain, as indicated at the top-left corner
of each plot. For a bandwidth of 500 Hz (leftmost), the wavefront is almost perfectly synthesized within the
entire area surrounded by the loudspeakers. A phase distortion can be seen which is due to the linear phase
design of the equalization filter h(t). As the temporal bandwidth increases, the synthesis is correct only within
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Figure 1. Proposed local WFS driving functions (φpw = −π2 , M = 23, max-rE window, without equalization).
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Figure 2. Synthesized sound fields (φpw = −π2 , M = 23, max-rE window). Top: full-band sound fields
for different target positions. Bottom: temporally band limited sound fields for target position ‘Right’. The
secondary point sources are indicated by the loudspeaker symbols and the target positions by ‘+’.

a circular area, the radius of which scales down. For the rest of the listening area, the wavefront is smeared and
sound waves propagating in wrong directions are superimposed. The former is due to spatial band limitation
whereas the latter is caused by spatial aliasing.
The received time signals at the target positions are shown in Fig. 3a (left). The phase distortion mentioned
above is clearly seen. In Fig. 3a (right), the impulse responses at the same receiver positions are evaluated,
but the driving function for the target position ‘Right’ is used. The temporal smearing can be seen at off-target
positions.
In Fig. 3b, the frequency responses at the target positions are depicted by coloured lines. Above 300 Hz,
the magnitude responses are almost flat with moderate fluctuations (< 3 dB). The roll-off in the lower end
is attributed to the high-frequency approximation employed in WFS. Since the low frequency deviations are
almost constant, the overall system response can be equalized, e.g. by a shelving filter. The spectral variations
around the target positions are also evaluated, which might occur due to listener’s movements or head rotations.
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Figure 3. (a) Impulse responses (M = 23) for different target/receiver positions. (b) Frequency responses
(M = 23, 15) at on- and off-target positions. The thin gray curves show the frequency responses on a circle
centered at each target position (radius of 8.5 cm, 20 uniform angles).

Twenty equiangular points are chosen on a circle with radius 8.5 cm centred at each target position. The radius
corresponds to the half wavelength of 2 kHz. The frequency responses at those positions are plotted with thin
gray curves in Fig. 3b. High frequency (> 5 kHz) attenuation is observed in most cases, which is a typical
effect of a spatial band limitation. However, in Fig. 3b (left, M = 23), the frequency responses around ‘Front’
exhibit high frequency boost which is caused by spatial aliasing. This agrees with the observation in [22], that
the spatial aliasing is more pronounced at positions those are closer to the virtual sound source. The influence of
spatial aliasing can be reduced to some extent by decreasing the spatial bandwidth. As shown in 3b (right), the
spectral distortion at ‘Front’ is significantly reduced, but the high frequency attenuation at other target positions
becomes more severe. The spatial bandwidth has to be chosen in such a way that the spectral distortion due to
the spatial band limitation and the spatial aliasing artifacts are in an acceptable level within the listening area.
Alternatively, the spatial bandwidth can be adaptively changed according to the tracked listener position. It can
benefit from a geometric prediction model of spatial aliasing artifacts, such as [22].

4 CONCLUSION
In this paper, a time domain driving function for local WFS was introduced which is represented as a spherical
harmonics expansion. The significant reduction of spatial aliasing around the target positions is demonstrated by
numerical simulations The size of the aliasing-free area can be controlled by varying the spatial bandwidth. No
noticeable artifact due to temporal aliasing is found which was problematic in the earlier approach [13]. The
computational efficiency is still maintained, due to the recurrence relation of the coefficients. This makes the
proposed method suited for real time and dynamic scenarios, where the listener movements are tracked and the
driving functions are updated accordingly.
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Abstract
We previously proposed methods for sound field reproduction and directivity control using two parallel circular
loudspeaker arrays (2CLA). The results showed that 2CLAs have a higher potential than a single circular loud-
speaker array when reproducing a virtual sound source outside the array or producing a high directivity beam.
In addition, we found that the performance of the 2CLA varies with the distance between the two arrays and
their radii. In this paper, we discuss how the two factors affect the performance of a 2CLA. We also investigate
the influences of either factor with the other fixed through computer simulations. The results of the sound field
reproduction show that the reproducing accuracy decreases when the distance between the two arrays increases,
whereas the radii of the 2CLA do not affect the results if no constraint has been set to the filter gain. By con-
trast, if the filter gain is constrained to 0 dB, the reproducing accuracy improves when the radii increase. For
directivity controls with filter gain constraints, the performance improves when larger radii have been selected,
whereas a large distance may lead to spatial aliasing.
Keywords: Sound Field Reproduction, Directivity Control, Loudspeaker Array, 2CLA

1 INTRODUCTION
Array signal processing in audio using multiple microphones or loudspeakers is an important technique for
sound field reproduction and directivity control.
Sound field reproduction is a technique applied to reproduce an entire sound field using loudspeaker arrays.
Based on the Huygens-Fresnel principle, a method for reproducing the sound field with multiple loudspeakers
was proposed(1). Later, methods such as a wave field synthesis(2; 3) and Ambisonics(4; 5) were proposed and
improved. This sound field reproduction technique can deal with problems in immersive audio, personal audio,
and noise canceling systems.
Directivity control, however, is a technique used to emphasize the sound to radiate in a particular directivity
pattern. Major studies have focused on forming a beam to the target direction, which is also known as beam-
forming. Methods such as delay-and-sum and the least squares method have been proposed(6). In addition, an-
other technique called an adaptive beamformer can solve specific problems with an optimized performance(7).
In applications, a directivity control technique can also be applied for immersive audio, personal audio, and
noise canceling systems as well.
Conventional studies in sound field reproduction require large systems and are difficult to realize. Directivity
control using a small system also experiences problems at low frequencies. Recently, the rapid development of
virtual reality and next-generation vision technology has increased the need for compact acoustic reproduction
systems. Thus, array signal processing using loudspeaker arrays is still an advanced technology.
In general, studies on loudspeaker arrays typically use a linear, circular, or spherical loudspeaker array(3).
Although regular configurations provide simple properties and easy calculations, such arrays incur problems
in generating complex sound fields. Attempting an irregular configuration, our prior studies on sound field
reproduction(8) and directivity control(9) show that the use of a 2CLA model can provide a better performance
than a single circular array. However, the manner of which the distance and radius, which determine the shape
of the 2CLA, affect the performance of a sound field reproduction or a directivity control remains unknown.
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Figure 1. Configuration of the 2CLA. This is a special 2CLA where the centres of both circular arrays are
located along the x-axis and are symmetric to the origin with distance rD, radius r0,(1), and r0,(2), and in which
the numbers of loudspeakers of both arrays are also the same.

In this study, we aim to reveal the relation between the performance and each of these two factors in a sound
field reproduction and a directivity control .

2 TWO CIRCULAR LOUDSPEAKER ARRAY
The 2CLA is defined as a pair of circular loudspeaker arrays placed in a two-dimensional sound field, where
both arrays are considered as a rigid circular baffle with point sources located on it. Figure 1 shows an example
of the 2CLA. Note that the 2CLA can also be considered as a pair of infinite cylinder baffles parallel to each
other in three-dimensional sound field, with line sources located on the baffles. Multiple scattering occurs when
placing two rigid circular baffles in the sound field, which means that the sound field of a 2CLA can be more
complex than that of a CLA. This may provide the additional possibility for a sound system to reproduce a
complex target sound field or a complex directivity pattern.
However, the complexity of a sound field also means that the transfer function of a 2CLA should be different
from that of a CLA. An analytical transfer function that includes multiple reflections between the arrays is
required to apply array signal processing techniques or investigate the properties of a 2CLA. Studies on multiple
scattering have determined radiation patterns for two parallel rigid cylinder baffles(10; 11; 12); in addition, our
work also shows a method for deriving the transfer function of a 2CLA(8). Truncating efficiently small elements
and reorganizing the series into a product of the matrices and vectors, this transfer function can be computed
rapidly using the matrix products.
Using the transfer function above, we previously proposed a sound field reproduction method using a 2CLA(8).
Moreover, we proposed a method for directivity control using 2CLA(9). Comparing the performance of a 2CLA
to that of a CLA, the 2CLA provides a better performance at low frequencies.
In our prior studies, we found a phenomenon in which the performance of the 2CLA changes if the distance
between the two arrays is altered. In addition, we believe that the 2CLA has the same property as a CLA, the
performance of which is associated with the radius of the array. Although the results indicate that a 2CLA may
provide a better performance than a CLA with the same radius, the influence on such performance when the
radius or length of the 2CLA changes remains unknown. Looking at the transfer function in (8), it is easy to
see that the distance between two circular arrays, and the radius of each circular array, affect the value of the
transfer function. This means that they also have an influence on the results of the sound field reproduction and
the directivity control of a 2CLA.

3 CASE 1: SOUND FIELD REPRODUCTION
In this section, we introduce how the distance and radius factor of a 2CLA affect the performance in terms of
a sound field reproduction. The sound field with a monopole source is set as the original sound field. This
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technique is also known as a virtual source reproduction. We use the same reproduction method, called a
pressure matching method, as in our prior study(8), and compared the performance of systems with different
radii or distances.

3.1 Pressure Matching Method
A circular microphone array encircling the 2CLA is set as the control points, and it is considered that no
source exists outside this circle in the sound field. Based on the Kirchhoff-Helmholtz integral equation(13), it is
possible to reproduce the sound field outside the circle by reproducing the sound pressure and particle velocity
on the circle. Furthermore, a simple source formulation(13) can be applied for this situation, and thus the sound
field can be synthesized by reproducing the sound pressure on a continuous circle boundary. By sampling the
circle using discrete control points, the sound field is then able to be reproduced by matching the sound pressure
at the control points. Let P(rrr) denote the original (target) sound pressure at the control point located at rrr, and
G(rrr|rrrl) denote the transfer function from the loudspeaker located at rrrl to the same control point. The driving
function dl of the loudspeaker for sound pressure matching should satisfy the following equation:

P(rrr) =
L

∑
l=1

G(rrr|rrrl)dl , (1)

where L represents the number of loudspeakers, and the angular frequency ω is omitted in this paper for
convenience. Listing P(rrr) into a vector P, and rewriting the right part of Eq.(1) into the product of the matrix
and vector, it is possible to match the sound pressure at every control point using the following equation:

P = Gd. (2)

The vector d denotes the driving functions of each loudspeaker, which can be therefore computed using the
least squares method. To constrain the filter gain W0 = 10log10 ||d||22, we use a least squares method with L2
regularization:

d =
GHP

GHG+λ I
, (3)

where λ represents the regularization parameter.
Furthermore, for a virtual source reproduction, the target sound field can be described analytically. The sound
pressure of a two-dimensional monopole source located at rrrs can be expressed as follows:

P(rrr) =
j
4

H(2)
0 (k|rrr− rrrs|). (4)

3.2 Experiments
Several computer simulations were conducted to verify how the radius and distance factor affect the performance
of a virtual source reproduction. We used a 30-channel 2CLA (with 15 loudspeakers set to each circular array)
with a rigid baffle. The radius of the two circular array is described as r0,(1) and r0,(2), respectively, and the
distance between the center of the two arrays is described as rD. In this study, we altered the radii of both
arrays simultaneously such that this radius factor is set to r0 while r0,(1) , r0,(2) , r0. The center of the two
arrays was set along the x-axis and symmetric to the origin. A total of 144 control points were set uniformly
on a circle with a radius of 1.5 m. We attempted to reproduce two target sound fields where the target virtual
source was set at rrrs = (0 m,0.25 m) and rrrs = (0 m,0.5 m), respectively.
We evaluated the performance using the signal-to-distortion ratio (SDR).

SDR [dB] = 10log10

∫
Ω
|P(rrr)|2drrr∫

Ω
|P(rrr)− P̂(rrr)|2drrr

, (5)
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(a) without regularization (b) constant filter gain

Figure 2. The performance results in SDRs with different radius factors r0. The legends in the figures represent
the radius factor in [m]. The solid and dotted lines represent the results for the target source at (0, 0.5 m) and
(0, 0.25 m), respectively. The red dotted line represents the threshold for an SDR of 15 dB. The distance factor
in this experiment is fixed as rD = 1 m. (a) The results for the regularization parameter is λ = 0 and (b) the
results when the filter gain is constrained at W0 = 0 dB.

where P̂(rrr) represents the sound pressure in the reproduced sound field, and Ω represents the exterior area of
the circle of the control points. A greater SDR means that the system performance in reproducing the sound
field is better. Moreover, we considered that a sound field is perceptually reproduced if the SDR exceeds a
threshold of 15 dB(14).
We chose three radius factors r0 of 0.075, 0.15, and 0.3 m to investigate the affect of this factor. Figure 2
shows the results of this experiment. Figure 2(a) with λ = 0 shows the results in which the system provides the
best performance without considering the filter gain; whereas Fig. 2(b) with W0 = 0 dB shows the results under
practical use. The distance factor in this experiment is fixed. Each radius factor results in a close SDR in Fig.
2(a), whereas Fig. 2(b) shows that the SDR increases with r0. At higher frequencies, none of the systems can
reproduce the sound field, and thus the comparison under a high frequency is considered meaningless.
We also chose three distance factors rD of 0.5, 1, and 1.5 m for the investigation. Figure 3 shows the results
of this experiment, where (a) and (b) have the same purpose as in 2. In addition, the radius factor in this
experiment is fixed. The SDR increases whereas rD decreases in both (a) and (b), although an exception exists
in (b): an array with a rD of 1 m has a higher SDR than an array with a rD of 0.5 m within approximately
400-700 Hz. A comparison at higher frequencies is also ignored in this experiment.

3.3 Discussion
The results in Fig. 2 show that the radius factor has a slight effect on the performance of a 2CLA system
when the filter gain is not considered. Instead, larger arrays may perform better than smaller arrays, whereas
the spatial aliasing problem must be considered at higher frequencies. This means that for the radius factor, a
2CLA has a property close to that of a CLA, which also performs better at a greater radius. By contrast, Fig. 3
indicates that the distance factor and the performance of a sound field reproduction have a negative correlation,
regardless of whether the filter gain is considered or not. The free space between two arrays is thought to cause
a spatial aliasing problem, whereas linear loudspeaker arrays continuously face the aliasing problem.
We considered whether the reflection has a negative effect on the performance in a room(15). However, the
results indicate that a larger radius with a shorter distance performs better, whereas in this situation a reflection
between the arrays is larger than that with a smaller radius and longer distance. Hence, the reflection may have
a positive effect, or only slightly effect on the performance.
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(a) without regularization (b) constant filter gain

Figure 3. The performance results in SDRs with different distance factors rD. The legends in the figures
represent the distance factor in [m]. The solid and dotted lines represent the results for the target source at (0,
0.5 m) and (0, 0.25 m) respectively. The red dotted line represents the threshold for an SDR of 15 dB. The
radius factor in this experiment is fixed as r0 = 0.15 m. (a) The results when the regularization parameter is
λ = 0, and (b) the results when the filter gain is constrained at W0 = 0 dB.

4 CASE 2: DIRECTIVITY CONTROL
In this section, we introduce how the distance and radius of a 2CLA affect the performance in terms of directiv-
ity control. We used the pressure matching method in our prior study(9) to reproduce narrow beams. However,
the pressure matching method cannot ensure a flat frequency response at the control points. Hence, a method
with constraint points is used in this study.

4.1 Minimum Variance Distortionless Response Beamforming
To reproduce a directivity pattern with a flat response at the control points, we use a method call the Minimum
Variance Distortionless Response (MVDR)(7) for beamforming. Differing from the least squares method(16),
this method can ensure a fixed level and a flat frequency response of the output signal, and achieves a higher
robustness than the least squares method. The method minimizes the total power at the suppression points while
setting a strict constraint at the constraint points. Denoting G as the transfer function matrix for the suppression
points and C as the transfer function matrix for points that should satisfy a strict constrained sound pressure
vector f, the problem can be expressed as follows:

min
w

wHRw (6)

subject to CHw = f, (7)

where w represents the beamforming filter and R = GHG. This optimization problem could be solved using the
method of Lagrange multipliers. Furthermore, by adding a L2 regularization to the equation, a constraint for
the filter gain can be set for practical use. The filter including the regularization can be calculated as

w =
R−1

REGC
CHR−1

REGC
f, (8)

where RREG = GHG+λ I and λ represents the regularization parameter.
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Figure 4. The performance of a 2CLA in terms of directivity control with different radius factors r0. The
legends in the figures represent the radius factor in [m], whereas the distance factor used in this experiment is
fixed as rD = 1 m. Data on the left side represent the results for ϕ = π/2, whereas those on the other side
represent the results for ϕ = 0. For convenience, all characteristics in this figure are set as positively correlated
with the performance of the directivity control. Accordingly, (a) shows the results of the DI in [dB], (b) shows
the results of (90◦−BW) in [◦], and (c) shows the results of −SLL in [dB].

4.2 Experiments
Computer simulations were conducted to verify how the radius and distance affect the performance of a di-
rectivity control. We used the same 30-channel 2CLA as described in Sec. 3.2. The same number of control
points, i.e. 144, were set uniformly along a circle with a radius of 2 m for directivity control. One constraint
point was set at ϕ = 0 or ϕ = π/2 (which was the first or 37th point of the array), whereas the other 143
points were set as the suppression points. This two directions of the constraint point were selected for testing
the performance of the 2CLA along its major and minor axes. The sound pressure at the constraint point was
strictly set to 1 whereas the filter gain was constrained at W0 = 0 dB.
Three characteristics were selected to evaluate the performance of the directivity control. The directivity index
(DI) is a widely used characteristic for evaluating the directivity patterns, and is expressed as

DI [dB] = 10log10
2π||Pϕ ||2∫ 2π

0 ||Pφ ||2dφ
, (9)

where ||Pφ ||2 represents the radiation power in the direction φ . In addition, the beam width (BW) was used to
evaluate the narrowness of the beam, and is defined as the angle at which the power attenuates to half of that
at the look direction. The side lobe level (SLL) was also applied in this study to evaluate whether there was
a powerful side lobe or if spatial aliasing occurred. The SLL describes the maximum level of the side lobe,
which is a relative value in reference to the level of the look direction.
We conducted simulations at 300 and 1,000 Hz to investigate the performance of the 2CLA within the low- to
mid-frequency range, whereas a high-frequency reproduction is considered difficult for the 2CLA(9). The radius
factor r0 was set to the same value as used in the experiments described in Sec. 3.2, and the distance factor
was also fixed. Figure 4 shows the results when the radius factor is altered. The results in Fig. 4(a) indicate
that the DI, which also represents the power ratio of the look direction to other directions, increases when r0
increases. The left side of Fig. 4(b) indicates that the BW is not affected by the radius factor when ϕ = π/2,
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Figure 5. The performance of 2CLA in terms of directivity control with different distance factors rD. The
legends in the figures represent the distance factor in [m], whereas the radius factor in this experiment is fixed
as r0 = 0.15 m. Data on the left side represent the results for ϕ = π/2, whereas those on the other side
represent the results for ϕ = 0. For convenience, all characteristics in this figure are set as positively correlated
to the performance of the directivity control. Accordingly, (a) shows the results of the DI in [dB], (b) shows
the results of (90◦−BW) in [◦], and (c) shows the results of −SLL in [dB].

whereas the right side indicates that an array with a larger r0 has a narrower BW when ϕ = 0. Fig. 4(c) shows
that the SLL decreases when r0 increases in both directions. However, an exception at 1,000 Hz and ϕ = 0
indicates that an array of r0 = 0.15 m performs at a lower SLL than an array of r0 = 0.3 m.
Simulations for different distance factors rD were also conducted using the same factors described in Sec. 3.2.
Figure 5 shows the results of the simulations. For the left side of the figure, when ϕ = π/2, the DI is only
slightly affected by rD, whereas BW and SLL show opposite results. The 2CLA performs better for the BW and
worse for the SLL when the distance between the arrays increases. The right side representing ϕ = 0 indicates
that the 2CLA performs better for the DI and BW when rD increases. However, SLL is slightly affected by the
distance factor when ϕ = 0.

4.3 Discussion
The results in Fig. 4 indicate that a greater radius factor simply provides a better performance in terms of
directivity control using an MVDR beamformer, whereas the results for ϕ = π/2 indicate that the radius factor
may be of no help with the main lobe in this direction. By contrast, the results in Fig. 5 turn out to be
quite complex. With ϕ = 0, the performance improves with a longer distance. This can be explained by the
array displacement toward the look direction leading to a better performance even if only one CLA is present.
Instead, a longer distance with ϕ = π/2 results in smaller BW and larger SLL, which means that the directivity
pattern may have a narrow main lobe with a high-level side lobe. This problem may have the same explanation
of the spatial aliasing that described in Sec 3.3.
After all, the radius and distance factors affect the performance in terms of the directivity control with a differ-
ent trend as that found in a sound field reproduction. In addition, a difference in performance based on direction
was shown in this experiment. This indicates that a further investigation is necessary for various methods and
directions.
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5 CONCLUSIONS
It was confirmed that the radius and distance factors of a 2CLA both affect the performance of a sound field
reproduction or a directivity control. The radius factor has a positive effect on the performance when the filter
gain is constrained, which means it affects the easiness of the sound control. However, the distance factor has
different effects based on the direction, where a longer distance improves the sound control along the major
axis direction and worsens the performance along the minor axis direction.
Future studies to explain the reasons for the results presented in this paper are required. Furthermore, the
results of such studies may be used to discover a better configuration of loudspeaker arrays for use in sound
field reproduction or directivity control.
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field synthesis 
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ABSTRACT 
In order to explore the perceptual potential and limitations of Wave Field Synthesis (WFS) for artistic 
productions, a WFS array was built with loudspeakers placed as closely together as possible. Knowing from 
experience, that the high-frequency noisy components found in consonants of speech and transients of 
instrumental sounds are important for sound localization, the question arose if their coherent presentation 
through WFS with a higher spatial aliasing frequency affects the localization. The system was built with 5.8 
cm between each loudspeaker resulting in an aliasing frequency of 2.9 kHz. Experimental configurations 
allow us to evaluate aliasing frequencies from below 700 Hz up to 5.8 kHz. Critical listening shows that 
increasing the number of speakers while decreasing their distance improves the perceived overall quality, 
including timbre. New modules with loudspeaker spaced 2.9 cm apart are under construction. The current 
system’s 558 individually addressable loudspeakers are housed in 18 modules, each with 31 channels and an 
external subwoofer. The modular design allows for flexibility in deployment, including vertical and overhead 
configurations, enabling the simulation of complex acoustic environments and a diversity of artistic and 
research-driven projects. This paper is an invitation to use the system for research. 
 
Keywords: Wave Field Synthesis, Spatial Aliasing Frequency, Focused Sound Sources 
 

1. INTRODUCTION 
The framework for Wave Field Synthesis (WFS) was developed in the 1980s by Berkhout, de Vries, 

and Vogel (1). A fundamental design criterion is that the distance between the system’s loudspeakers 
should be as small as possible to synthesize a wave field that is acoustically accurate and true to a 
naturally occurring wave field. Spatial aliasing, a function of the distance between the centers of each 
loudspeaker in use, results in distortion imposed on the synthesized wave field in the higher 
frequencies of the virtual sound sources. By reducing the distance between the speakers, one extends 
the boundary of frequencies that are not impacted by spatial aliasing. This increased range results in a 
greater coherency of projected sound components. All frequencies above this spatial aliasing 
frequency are reproduced and audible to the listener; however, they inflict audible artifacts that 
counteract the construction of a coherent wave field.  

With a few exceptions, the majority of WFS systems – especially portable systems and those used 
in performance environments – space their drivers between 10 and 15 cm apart, with each speaker in 
the array assigned a specific signal from a WFS rendering application. Systems with smaller distances 
are usually part of permanent installations. A system with, for instance, 4-inch drivers spaced at 12 cm 
has a spatial aliasing frequency around 1400 Hz. In a system with 8-inch drivers spaced at 24 cm, the 
spatial aliasing frequency is half that, at around 700 Hz.  

The motivation for the EMPAC high-resolution modular loudspeaker array for wave field synthesis 
stems from artistic practice and creating new musical works that can only be realized with this 
technology. The discrepancy between what many existing WFS systems perceptually promise and the 
actual aural experience of an acute listener encouraged us to design a system that could verify the 
potential of WFS based on human perception as a point of departure. We believe scientific research 
could also benefit from this system. Its modularity, physical flexibility, and high spatial aliasing 
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frequency can allow for a real-world listening situation in a spatio-physical environment, where 
different spatial aliasing frequencies can be compared in situ on the same system.  

2. CONTEXT OF THE EMPAC MODULAR WAVE FIELD SYNTHESIS ARRAY 
Having experienced WFS speaker arrays that did not perceptually align with the effect described by 

the presenter or artist, and noting that critical frequencies for localization cues and timbral integrity 
were well above the aliasing points these systems could deliver, we decided to build a system that 
would allow us to find answers. The goal was to verify how the perception of a wave field was affected 
through a closer spacing of drivers and the resulting higher spatial aliasing frequency. For this, we 
used a technical framework that could provide a high channel count while allowing, at the same time, 
flexibility in the physical placement of the speaker arrays. 

From artistic works using acoustic and electro-acoustic sounds in spaces of different sizes and 
qualities, we know through critical listening experiences that consonants in human speech, transients 
at the onset of instrumental sounds, and the carefully shaped attacks in electronic music provide 
localization cues. The timbral quality of sustained sounds is also greatly shaped by these higher 
frequencies. In order to determine how sound sources projected through wave field synthesis relate to 
listeners in complex environments, generation of a wave field that coherently integrates frequencies in 
a system suitable for performances and installations, with an aliasing frequency as high as possible 
was deemed essential. 

WFS was initially developed for the reproduction of instrumental recordings to create an auditory 
field in which the localization of individual instruments is stable independent of the listeners’ position. 
This included the auditory envelopment as if players and listeners were in a performance space. We see 
such “natural” reproduction, or rather re-synthesis, as a subset of any auditory environment that can be 
created with WFS, where the localization of static or moving sounds can be perceived independent of 
the listener’s position within the physical space of the loudspeaker array. The understanding of the 
spatial and timbral conditions established by the physical parameters of a loudspeaker array is 
especially important when using sounds that are not imitating, modeling, or modifying acoustic 
instruments or timbres known to a listener, but which are “unheard of.” With familiar vocal or 
instrumental sounds, the knowledge and memory of such sounds may make up for “non-fidelity” 
introduced by a wave field synthesis loudspeaker array. However, when creating sounds without a 
point of reference to generally known sounds, a musician may want to know what the resulting 
auditory quality will be if the music is played on arrays with wider or closer spacing of loudspeakers 
than the one she created the sounds on. This enables the composer to shape the details of sounds in 
such a way that their core characteristics can be either perceived through systems with different 
spacing or restrict the piece to a defined minimum loudspeaker spacing. 

It was not our intention to limit ourselves to the creation of continuous wave fields in front of or 
around listeners, ones that simulate enveloping natural acoustic environments. Instead, we sought a 
method that allows the user, artist, or scientist to configure physically the arrays in many different 
ways. For example, by creating non-contiguous areas of speakers anywhere in a venue; combining a 
horizontally oriented array with another arranged vertically; placing arrays above an audience 
projecting downwards; or even positioning several “windows of sound” in different locations, on the 
walls and ceiling of a space. 

Working with a variety of artists and researchers, we have been able to test different configurations 
using the EMPAC WFS array. Composers and researchers with extensive WFS programming and 
content creation on other systems, have noted that the linear array set-up of the EMPAC system 
provides a perceivable gain in quality over systems with larger distances between the drivers. Figure 1 
shows a section of a linear configuration.  

We also noted that halving the distance between the drivers and pushing the spatial aliasing 
frequency to 5.9 kHz results in a clearly perceivable increase of sonic quality and engagement versus 
the 5.9 cm distance at half the spatial aliasing frequency. We achieved 5.9 kHz by positioning two 
arrays on top of each other, offsetting half the on-center distance between drivers as shown in Figure 2, 
resulting in 2.9 cm between speakers. Whether this perceived increase of quality is due to the raised 
aliasing frequency, or by adding speakers in general (while maintaining the same level of loudness), 
still needs to be investigated. 
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3. TECHNICAL SPECIFICATIONS 
The array is comprised of 3 primary systems:  

• 18 speaker modules with 31 drivers for WFS, and two 16-channel integrated DANTE 
power amplifiers (Attero Tech) that provide a 31.1 amplification platform, adding up to a 
total of 576 individually addressable channels, 558 for WFS plus 18 for the subwoofers. 

• An uncompressed, low-latency, multi-channel audio network built on the DANTE 
protocol. 

• IRCAM SPAT software [2] suite running on 2 Apple Mac Pros. 
A small ancillary subwoofer array (Figure 3) is used to fill out the lower octaves below 140Hz, 

since this range is not realistically attainable with the WFS array, given the size of the driver and the 
geometry of its enclosure. There is one subwoofer associated with each WFS module. The signals 
for the subwoofers are sourced from the 32nd channel of the DANTE amplifiers residing on the back 
of the WFS enclosures (Figure 4). 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Experimental set-up, halving the horizontal distance between drivers. 

Linear configuration with 5.8 cm distance between drivers. 

Four modules of the EMPAC array with associated subwoofer per module. 
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The array is comprised of eighteen 187 cm-long units, totaling around 33 meters in linear length. 

Each module is 22.8 cm high with a depth of 15.7 cm, not including the rear-mounted amplifiers and 
power supplies. Each unit is internally subdivided into 31 loudspeaker enclosures housing a ported 5.5 
cm “full range” electrically and mechanically decoupled driver, 5.8 cm on center from its neighbor 
(Figure 5). These loudspeakers (Tang Band W2-2136S) act as individual 20-watt cells. Mounting and 
rigging assemblies at the ends of each module allow for a high degree of flexibility in their 
configuration and placement (Figure 6 and 7). 

The modular approach allows for arbitrary placement of modules. So far, each array set-up 
contiguously along a straight line has been calculated independent of array sections positioned at a 
differing angle. Synthesizing virtual focused sound sources or a unified reverberation environment 
within a space circumscribed by rectangular or circular array lines, where all jointly contribute to the 
synthesis of a unified sound field, will require further development. 

 
Along with generous support in the development, adaptation and testing from IRCAM, Paris, 

IRCAM's SPAT real-time processor toolset computes EMPAC's WFS render within Cycling 74’s 
MAX/MSP on several Apple MacPros. The number of computers used expands and contracts with the 
number of discrete arrays rendered. Currently, DANTE's PCIe driver architecture imposes a 256 
channel hardware limit per machine.  There is a dedicated OSC network that provides external access 
and control of SPAT. MAX/MSP, IRCAM's TOSCA and Hexlers's Touch OSC are the dominant 
external controllers used at this time. 

 

Speaker installation, with openings 
for port tubes and internal subdivisions. 

Backside of array modules, with two 
16-channel DANTE amplifiers and power supplies. 

Configuration as linear array with 
added inverted array in center portion to reduce 
distance between speakers to 2.9 cm. 

Circular configuration,  
suspended from trusses (viewed from above). 
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4. EVALUATION THROUGH LISTENING IN MUSICAL CONTEXT 
EMPAC built the WFS array as an instrument for artistic, acoustic and perceptional inquiries and 

projects aiming for the highest possible quality hearing can detect. A scientific validation with 
appropriate tests and statistical evaluation is welcome and we invite researchers to use this physical 
system to also verify experimental results they have deduced from binaural renderings of 
computational models of loudspeaker arrays for wave field synthesis. 

The EMPAC system was built to understand and potentially prove how the closer spacing of 
speakers and resulting higher spatial aliasing frequency would affect the perception and use of such 
systems. In comparing different sounds and music with different array configurations, two aspects 
could be experienced and confirmed in dramatic ways.  

The long linear array with speakers spaced at 5.8 cm on-center, as shown in Figure 1, provides 
superbly stable sound localization without any strong spatial aliasing. But once two arrays were set on 
top of each other (Figure 2 and 6) and the distance on-center was halved to 2.9 cm, the quality 
increased in immediately perceivable ways. By this comparison, it became clearly apparent how much 
the extension of the spatial aliasing frequency beyond 1.5 kHz enhanced the quality of the projected 
wave field and that it perceivably improved the system’s fidelity. 

The most radical results emanate when localizing sounds in front of the array. It has been 
demonstrated that WFS is the only system through which sounds can be placed and heard in an area in 
front of the speakers, as long as listeners do not move into the area between the array and the sound’s 
projected placement. With closer-spaced speakers at 5.8 cm, and even more so at 2.9 cm, front-focused 
sound tests of prerecorded instrumental music projected at distances up to 8 m off the front of the array 
rendered a “stunning” experience. 

4.1 Recording and Projection of Instrumental Music 
W.A. Mozart’s String Quartet No.3 in G major, KV156, as well as his Serenade in E-flat major, KV 

375, for eight wind instruments were recorded in EMPAC’s concert hall. Each piece was recorded as 
an ensemble, with each instrument closely miked, and with additional room microphones capturing the 
ambience of the hall. After the initial recording, each instrument was recorded solo, with the full 
recording serving the instrumentalist as a synchronization reference over headphones. A video 
recording of the full wind ensemble was played back for the individual instrumentalists so they could 
pick up the visual cues from the other players. In contrast to playing with a click-track, this allowed for 
freely flowing agogical deviations from a strict meter, important for music of this genre and period. 

The wind octet was rendered through the WFS array on the EMPAC theater stage, with 8 modules 
(248 channels) creating a linear array of almost 15 m in length along the upstage wall. The virtual 
sound sources for the instruments were projected out onto the stage, with each instrument placed in the 
area in front of the array (the area was 8 meters in depth and not quite as wide as the array itself). 
Figure 8 shows where their locations were marked on the floor, so one could move between those spots 
and experience being right next to, or even “in” the specific instrument, while still hearing all other 
instruments in their respective locations under the restriction that precise localization of focused 
sound sources is not possible when one is closer to the array than the spot of the sound source. For 
example, in Figure 8, standing in the location of Clarinet 1 will result in the diffuse localization of 
Oboe 1 and 2.  

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Stage lay-out for Mozart Octet with 
248 channels, 15m long, and virtual locations of 
instruments marked on floor. 

Mozart Quartet with virtual locations of 
strings and the two sonic portals. 
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Sitting in the audience chamber in front of the stage with the instruments placed across the stage, as 
if musicians were sitting there, yielded an extraordinary, acoustically transparent experience. 

The projection of the string quartet recording used the same set-up of the WFS array on the theater 
stage, but this time in a less reverberant listening space with curtains blocking the audience chamber 
and a carpet covering the floor. Figure 9 shows the three areas for focused sound sources. The string 
quartet was virtually placed to the far right of the system, the four instruments set in a half circle in 
front of the array, with the distance between the instruments equivalent to a “real” string quartet. A 
recording taken with stereo room microphones in the middle of the concert hall was focused on an area 
in front of the center of the array, with the two audio channels as individual virtual sound sources. To 
the left end of the array, the stereo room microphones from the balcony of the concert hall created 
another superimposed acoustic field. 

A listener could go directly to the string quartet’s virtual position, stand in front of the ensemble 
and listen to the group, then “stick one’s head” right into the individual positions of the two violins, the 
viola, and cello, while still hearing the other instruments in their respective location. While the music 
played and the focused sound sources of the quartet players stayed in their spots, one could move to the 
center of the array and enter, through a “sonic portal,” the middle of the concert hall. Finally, one could 
move to the left and find oneself in the further afield ambient space of the balcony. So listeners could 
move between the three different sound fields, entering different acoustic spaces, and experiencing the 
very different acoustic environments in relation to the string quartet, which “stayed in its spot.” 

4.2 Electronic Music, Stereo Recordings, Music for Theater, and Field Recordings 
In a third scenario, a piece of electro-acoustic, acousmatic music produced in stereo was played 

over the WFS array, with each track focused in front of the array. Again, lthe istening experience while 
sitting in the audience chamber, yielded a spatial, transparent, and stable sound stage, which would 
have been impossible to obtain with a traditional left-right speaker configuration.  A similar positive 
experience was made when playing the stereo recording of a chamber ensemble through the WFS array 
set up on stage of EMPAC’s concert hall. Further listening experiments were conducted placing stereo 
channels behind and in front of the WFS array and comparing studio productions of Rock and Blues 
music with concert recordings of medieval choir music made in a reverberant church. The approach of 
playing stereo or multichannel recordings through a WFS array needs further investigation into which 
kind of stereo productions benefit from being played back through WFS systems. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Experiments were also conducted to gain experience with two arrays positioned at different heights, 

as shown in Figure 10. Combining two horizontal arrays at a vertical distance yielded a more 
enveloping perception and allowed for virtual sound sources at different elevations. In this case, each 
array was treated separately, with the signal processing for one array not being related to the other. 

Two arrays at larger vertical off-set. 
Placement of focused sound sources the lower array 
were marked by projected circles on the floor, which 
also moved as the sound positions were moved.  
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Additionally, flying WFS arrays overhead of listeners has been explored. In 2017, while in 
residency at EMPAC, the sound designer Bobby McElver collaborated with the performer Andrew 
Schneider on a new theater piece by using two parallel arrays positioned above the audience to move 
sounds highly successfully through the audience. He subsequently built a copy of the EMPAC system 
for touring the work. – In 2019, two arrays in combination with a 7th order Ambisonic system were 
hung in the EMPAC Concert Hall for presentations by Chris Watson and Tony Myatt (Figure 11), 
performing underwater field recordings from around the globe and from an elephant habitat (the center 
stage subwoofer being constructed for sub-audio elephant communication). 

5. FUTURE DEVELOPMENT
As addressed before, our primary goal for using WFS is not to recreate the “as if” experience of a

concert hall or to recreate a “natural” acoustic environment, but to use it as an instrument in artistic 
works. The listening tests with instrumental recordings have allowed the evaluation of the wave field’s 
precision, as we can compare it to our experience with acoustic instruments in performance  spaces 
and thus allow veracity assessment of the rendered wave field in relation to perception. 

On the application side, a tracking system for persons on stage will be integrated with the 
high-resolution WFS system as stage reinforcement option. A WFS array placed along a stage lip or at 
an upstage wall will map sound to a performer’s position. This will allow a horizontal alignment of a 
performer and the amplified reinforcement independent of the listeners’ position. For the spatial 
alignment of the word spoken by a person on stage with its amplification, a higher aliasing frequency 
seems to be essential.   

An important next step will be to include algorithms to treat distributed sets of arrays as a unified 
instrument, so each array, wherever placed and however contiguous or not, takes the other arrays into 
account and is used as a contributing factor to the sound sources created by all arrays.  

A second generation of the modules with a higher density of speakers and a spatial aliasing 
frequency of 5.9 kHz is under development. Figure 12 shows a rendering of the module, without 
drivers and ports installed. The two inner rows will hold the 64 speakers and the outer rows will hold 
the ports. The offsets at each end allow the interlocking of modules without affecting the distance 
between drivers where two modules meet. One module will be 24.7 cm high, 22.8cm deep, and 188.5 
cm long, with DANTE integrated power amplifiers on the back. 

6. CONCLUSION
The construction of a portable, modular WFS loudspeaker array allows for the deployment of 

highly flexible configurations, for research and for new artistic works, including flying arrays above 
listeners. Listening comparisons using complex sounds in musical context made the difference in 
spatial and timbral fidelity between speakers at 5.8 cm distance and 2.9 cm perceivable; whether this is 
a result of higher aliasing frequency, needs further investigation. The positioning of focused sound 
sources was tested with exceptional results up to 8 m and more in front of a linear array. Composers 
and researchers who had worked with other WFS systems with lower spatial aliasing frequencies 
testified to the new quality reached on account of the closer placement of the drivers. Researchers are 
welcome to use the system for further investigations. 

64-channel module, 2.9 cm distance between drivers.
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ABSTRACT 
There have been ongoing attempts to adapt existing Sound Field Synthesis methods for large scale sound 
reinforcement systems. In comparison to smaller indoor setups large scale systems have significant distances 
between secondary sources and often irregular loudspeaker layouts due to rigging conditions. These 
restrictions make the use of WFS-related methods unfeasible. In addition, prominent and 
frequency-dependent directivity patterns of concerts loudspeakers obstruct the use of usual level and delay 
algorithm as it assumes omnidirectional secondary sources. 
The paper proposes an alternative method based on a Field Matching technique that bypasses the 
above-mentioned restrictions. Despite the typically low aliasing frequency of a concert sound system layout 
the Field Matching approach was shown to provide an accurate localisation and a stable virtual source across 
the audience area including front seats. The paper presents a theoretical background and a Matlab simulation 
along with listening tests results. Limitation and challenges of the method for live sound applications are 
discussed. 
 
Keywords: Sound reinforcement, field-matching, sound field synthesis. 

1. INTRODUCTION 
There are several popular methods to reproduce a sound field of a combination of virtual sources through an 
array of loudspeakers:  WaveFieldSynthesis (1,2), Higher Order Ambisonics (HOA) (3), Vector Based 
Amplitude Panning (3) to name just a few. While being well established, each of them poses restrictions on 
the array geometry, loudspeakers characteristics or the audience area. Loudspeakers are often assumed to be 
monopoles or dipoles and have to be located right next to each other. This works well for small rooms but not 
so well for larger areas. Systems like HOA only work for a “sweet spot” and not for an audience area. 
Modifications of WFS have been developed to account for loudspeaker directivity, however, loudspeakers 

are required to be identical and located on a straight line or in a circle (4,5). 
The main objective of this work is to find a method that doesn’t have any basic limitations on the 
loudspeakers layout and directivity. 
The goal is to formulate a matrix equation for the driving functions and check if the driving functions provide 
the desired result. The practicalities of numerically solving the equation are left for the future work. 
The approach described below presents a version of the field matching method described (6).  

2. PROBLEM LAYOUT 
Ideally, a concert or theatre sound system designed for spatial sound reproduction should be able to 

provide stable virtual source localization in the entire audience area. The loudspeakers or loudspeaker  
arrays are mainly located above the stage, along the sides and sometimes at the back. There can be a 
separate row of smaller loudspeakers to cover the front row (so called “front fills”) and additional 
loudspeakers to cover the back of the audience (so called “delays”). Due to rigging restrictions, costs 
and logistics, especially in touring, the amount of loudspeakers in a setup is limited, and therefore the 
distances between single loudspeakers can be up to several metres. The aliasing frequency for such a 
setup is typically very low. 

Concert loudspeakers have carefully designed directivity that tends towards cardioid at low 
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frequency and becomes narrower at higher frequencies. The directivity patterns don’t introduce a large 
error to a synthesized sound field if the loudspeakers are located close to each other and the audience 
area is small, so assuming monopoles or dipoles works fine for these applications. However, at large 
distances to the listener and between the speakers the directivities don’t overlap enough and create 
significant error. 

The problem layout is shown in the fig. 1. For simplicity only one virtual source is shown, but their 
number is not limited.  

 
Figure 1 – Problem layout 

3. ANALYTICAL SOLUTION 
Our goal is to reconstruct the desired sound field at all the receivers. The desired field is the one that 

the virtual source/sources would create in the absence of loudspeakers. Knowing the positions of 
virtual sources and the receivers, the desired field can be calculated using eq. (1):  

 (1) 

where  is the number of virtual sources. 
If needed, directivity and frequency response of the virtual source can be included:  

 (1.1) 

For simplicity, we assume an omnidirectional virtual source with flat frequency response. 
 
The reconstructed field is a combination of the fields of all the loudspeakers with their respective 

unknown driving functions: 

 (2) 

where  is the unknown frequency dependent driving function for each loudspeaker,  is its 
directivity and  is the number of loudspeakers. 

Ideally, reconstructed field should be made equal to the desired field by finding appropriate driving 
functions: 

 (3) 

 (4) 

In order to solve Eq.4 for , we can write it in a matrix form for each frequency: 
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 (5) 

where  is an  matrix, (6) 

 is a vector of driving function values and  

 (7) 

The unknown vector of driving functions can be found by the matrix inversion:  
 (8) 

Eq. 8 is a typical inverse problem. 
Depending on the number of loudspeakers L and receiver points R, the system of equation can be 

under defined, defined or over defined. [kim choi] Since receiver points are just virtual microphones 
and their number can be easily adjusted, we don’t need to consider the first case. In case of R=L, matrix 
inversion is straight forward. In case of R>L, the Eq. (8) is solved using a built in Least Mean Squares 
method in Matlab. 

4. SIMULATIONS 
Eq. (8) was solved using Matlab. The setup consisted of 16 identical loudspeakers at the distance of 

0.53 m between their centers. The simulation used measured loudspeaker’s directivity with 5° 
precision and interpolation in between. The setup is too small for a live sound system, but is 
representative for the first tests. The same setup was later used for an indoor listening test.  

Figure 2 shows the normalized sound pressure level distribution of the desired and reproducted 
fields. At low frequencies the reconstrusted field looks very similar to the desired field. However, at 
higher frequencies interference patterns are clearly visible. 

5. LISTENING TESTS 

5.1 Setup 
Listening tests were conducted to evaluate the performance of the method. The setup shown in 

Figure 3 consisted of 16 loudspeakers located with spacing of 53cm, same as the simulation in 4. The 
loudspeakers were hidden behind an acoustically transparent curtain  to exclude visual cues. Four 
listeners positions were defined to represent the entire listening area. Virtual sources are located in the 
“stage” area behind the loudspeakers; one virtual source is placed far off the stage on the side. The test 
signals were three pulses of broadband pink noise. Each listener position was provided with a disk 
marked in degrees on the floor. Participants were asked to write down the perceived direction of the 
source which was later compared with the geometrical direction. 

On day one, 32 respondents took part in the test. Every participant was tested at two listeners 
positions, so that every position has 16 independent results. On the first day only locations of virtual 
sources were tested (Table 1). 

On day two, 14 respondents were available and provided 7 independent results for each listener 
position. Three more virtual sources were added as well as two real sources (loudspeakers) that were 
located behind an acoustically transparent curtain (Table 2).  
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Figure 2 – Simulated normalized sound pressure level distribution of desired and reconstructed fields 
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Figure 3 – Listening test setup 

 

5.2 Results 
Table 1 – Listening test results, day1 

Listener positions  

Virtual sources 

coordinates 

1 
2 3 4 

average 

(1, 1) 1.67 1.6 5.40 4.00 3.17 

(5, 8) 2.33 2.20 4.67 4.00 3.30 

(12, 3) 34.33 13.33 9.47 4.00 15.28 
Table 1 presents the average deviation of the perceived direction of the virtual source from the 

geometrical direction in degrees.  
Table 2 – Listening test results, day2 

Listener positions  

Virtual sources 

coordinates 

1 
2 3 4 

average 

(1, 1) 2.39 4.34 10.73 3.57 5.26 

(5, 8) 2.39 1.71 4.34 1.09 2.38 

(12, 3) 34.24 16.17 13.34 14.38 19.53 

(3, 4) 2.41 3.71 7.75 9.73 5.90 

(7, 6) 3.76 3.22 6.92 0.26 3.54 

(8,10) 2.03 0.87 3.67 6.26 3.21 

Real sources 

coordinates      

(1, 1) 7.87 5.00 7.79 5.88 6.14 

(3, 3.3) 1.91 3.52 6.67 6.58 6.25 
Table 2 presents the average deviation of the perceived direction of the virtual source from the 
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geometrical direction in degrees.  

5.3 Discussion 
The virtual source with coordinates (12, 3), located far outside the “stage” area was localized by far 

the worst, with average deviation of 17.4°. Virtual sources within the stage were localized with the 
average deviation of 3.8°. The overall average deviation is 6.8°. 

 
For real sources, the average was about 6.2° in average for both sources and all listener positions.  
 
With all virtual source positions taken into account, localization of real sources was slightly better 

than virtual sources. However, if the virtual source outside the stage area is discarded as an unrealistic 
scenario, the localization of remaining virtual sources was (surprisingly) better than the localization of 
the real sources. 

All in all, listening tests show that the field-matching method provides sufficiently accurate 
localization despite aliasing. 

6. CONCLUSIONS 
The paper shows how to derive an explicit expression for driving functions for a sound field 

synthesis setup without posing initial restrictions on loudspeakers’ layout or directivity. Preliminary 
tests show that the method provides reliable localization with precision of about 7°, despite visible 
aliasing effects at higher frequencies. 

Future work may include analyzing numerical methods to solve Eq. (8), possibly introducing 
regularization to obtain smooth filters as driving functions. 
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Abstract
The determination of the electronic drive of line source arrays is an ill-posed inverse problem. The authors
present an adjoint-based approach in the time domain as an alternative to the commonly used frequency-based
methods. Therein, monopole sources in the EULER equations are optimized to reinforce a prescribed target
sound field. In doing so, driving functions for the synthesis of the desired sound field, including a non-uniform
base flow, can be determined.

Keywords: loudspeaker arrays, sound reinforcement, acoustic time-reversal, monopole sources

1 INTRODUCTION
Sound reproduction, sound reinforcement, and source identification methods are typically based on frequency
domain approaches and restricted to the wave equation with a homogeneous background flow [1, 2, 3, 4]. In
contrast, we suggest an adjoint-based solution of the EULER equations in the time domain for the following
reasons: The EULER equations, as a generalized form of the wave equation, allow to consider inhomogeneous
background flow and nonlinear sound effects. The adjoint-based approach (time-reversal) facilitates to simulta-
neously optimize all degrees of freedoms (control parameters), for example the speaker alignment, the signal
amplitude and the phase over the entire frequency range of arbitrary line arrays. The computational cost of a
conventional parameter study (only forward in time) increases linearly with the degree of freedom, while the
computational costs of the adjoint approach do not increase with the number of optimized parameters, instead,
they remain constant.

2 METHOD
For a better understanding of the results, a brief overview of the adjoint-based computational aero-acoustic
(CAA) solver is given in the following. An introduction of the method with more details can be found in [5].

2.1 Basic idea of the adjoint approach
The adjoint equations can be derived in a continuous or discrete manner. Here, for the sake of simplicity, they
are introduced in a discrete version as in [6]. A matrix-vector notation is used. The vector space is the full
solution in space and time. For a complete discussion on the derivation, the reader is referred to [7, 8].
Adjoint equations arise by a so-called objective function J, which is defined by the product between a geometric
weight g and the system state q.

J = gTq (1)

The system state q corresponds to the solution of the governing system

Aq = s (2)

with A as governing operator and s as source terms on the right-hand side. To optimize J by means of s, the
equation has to be solved for all s. In order to reduce the computational effort, the adjoint equation can be
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used
ATq∗ = g, (3)

with the adjoint variable q∗. By
J = gTq =

(
ATq∗

)T
q = q∗TAq = q∗Ts (4)

an expression is found, which enables the computation of J without the need to solve the system for every
discrete s at once. After calculating the adjoint equation, i.e. q∗, the objective J can be determined by a simple
and computationally cheap scalar product (Eq. 4). Thus, the adjoint approach enables the efficient computation
of J gradients with respect to s.

2.2 Incorporated CAA equations and optimization target
According to the intended application – the adjoint-based sound field generation in the time domain – the
objective function J is defined in space and time as

J =
1
2

∫∫ (
p′− p′target

)2 σ(xi, t)dΩ. (5)

The variable p′target (p = p0+ p′) denotes the desired sound field, resulting from quality characteristics for sound
reinforcement tasks, such as a specific volume distribution or a smooth frequency response. The weight σ(xi, t)
defines where and when the objective is evaluated. Optimal sound reinforcement is realized if J reaches a
minimum.
The minimum is to be achieved under the constraint that the EULER equations

∂t

 ρ
ρu j

p
γ−1

+∂xi

 ρui
ρuiu j + pδi j

ui pγ
γ−1

−ui∂xi

0
0
p

=

0
0
s

 (6)

abbreviated as E(q)q = s are satisfied, with q as state vector and s as a source term. The general goal is to
obtain a solution which matches p′target(q) of Eq. 5 in an optimal sense by adapting the source term s, which
can be interpreted as multiple loudspeakers.
In order to use the adjoint approach for optimizing s, it is necessary to linearize the objective function and the
governing system (6). This results in

δJ =
∫∫ (

q−qtarget
)

σ︸ ︷︷ ︸
=g

δqdΩ, (7)

and
Elin(q0)δq = δ s (8)

with a redefined weight g = (q− qtarget)σ . Combining the linearized system and the objective in a Lagrangian
manner by introducing the (adjoint) multiplier q∗, leads to

δJ = gTδq−q∗T (Elin(q0)δq−δ s)︸ ︷︷ ︸
=0

, (9)

= q∗Tδ s+δqT (g−ET
lin(q0)q∗

)
.

For the sake of simplicity, the integrals are not shown. The adjoint equations result in

g−ET
lin(q0)q∗ = 0 , (10)
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with q∗ as adjoint state vector. The change of the objective function reads

δJ = q∗Tδ s, (11)

similar to (4). Thus, the adjoint solution can be interpreted as a gradient of J with respect to the source term s

∇s J = q∗. (12)

A more detailed derivation of the adjoint approach is discussed in [5, 8, 9].

2.3 The adjoint CAA solver
The driving functions for given speaker positions are determined and optimized iteratively:

1. Initially, guess the loudspeaker source terms s0 = 0.

2. Solve the governing EULER equations (6) with si. Here, the exponent i = 0 is the first iteration step.

3. Compare with the desired target solution and break if a suitable convergence criterion is reached.

4. Solve the adjoint EULER equations (10).

5. Compute the gradient ∇s J using the adjoint solution.

6. Update the current forcing si+1 = si +∇s J.

7. Repeat, starting with 2.

The resulting optimal s is deconvolved with the considered primitive input signal defining p′target and the loud-
speaker properties (e.g. electronic filters) resulting in an optimal driving for every considered loudspeaker. The
solutions shown in this work are the result of fifteen iteration steps.
Numerical specifications (parallelization, resolution, spatial derivative, time integration, filters, boundary condi-
tions) of the adjoint CAA solver are listed in [5], i.e., originally in [7, 10].

3 TEST CASE
The three-dimensional test case studied here (Fig. 1) contains a line array with five monopoles speakers, i.e.
spherical loudspeakers, which are aligned in an x1-line at x1 = (0.4,0.6,0.8,1.0,1.2)m, and constant x2 = 0.8m
and x3 = 0.8m.
The audience, i.e., the mask σ (Eq. 5), is located symmetrically around the line array at a minimal distance of
0.175m and a maximal distance of 0.4m. The physical domain is evaluated at an equidistant rectangular grid
with a spacing of dx = 1.6/197m and with a temporal sampling rate of 48 kHz.
As homogeneous background medium air is approximated as an ideal gas with a speed of sound c0 = 343m/s,
a density of ρ0 = 1.21kg/m3, a pressure p0 = 101325Pa, an adiabatic index γ = 1.4 and a specific gas constant
Rs = 287.
As a test signal for all monopole speakers, a sine sweep with an exponential frequency increase and a constant
amplitude over time (see s̃CAA in Fig. 2) is used. Below 1.3 kHz and above 2.7 kHz the sweep has a fade in and
fade out period. At the end of the sweep, there is 1 ms silence (the last 48 time steps). Throughout this paper
the frequency spectrum between 1.3 kHz and 2.7 kHz is evaluated. The initial transient is not discussed here. To
study a practically relevant spatially inhomogeneous SPL distribution the relative amplitudes and phases between
the signals differ among all speakers. With increasing x1-position the signal amplitude decreases (cf. Fig. 1).
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Figure 1. Sound field radiated by a line array with five monopole sources. A snapshot of the pressure reference
field at a central x1x2-slice (x3 = 0.8m) is shown, where all speakers are located. Isolines of the objective
weight function σ (Eq. 5) at values of 0.01, 0.5, and 0.99 are denoted by white, dashed lines.

4 RESULTS
As a reference solution, a complex-directivity point source (CDPS) model in the frequency domain is utilized
[3, 4, 11]. The CDPS model provides, for a prescribed sine sweep s̃CDPS, the reference field p′target (Eq. 5)
for all spatial and temporal locations. With the reference field and the source locations as input, the CAA
framework iteratively recalculates the amplitude and phase of the driving sine sweep s. By comparing s with
the original signal s̃CDPS the adjoint-based approach is validated. We verify to which extent the adjoint approach
is able to identify the optimal excitation signals for a given sound field.
In this work, the signals are optimized for predefined fixed speaker alignment. However, in general, the adjoint
approach is also capable to identify speaker locations [9].

4.1 Conversion and comparability of source terms with and without flow
To obtain comparable – physically equivalent – forms of source terms called s̃CAA and s̃CDPS, s of Eq. 6
needs to be converted to s̃CAA: While s̃ denotes a source term of the wave equation (second time derivative),
s is a source term of the pressure equation (first time derivative). s̃CDPS of the CDPS model drives an ideal
monopole speaker, i.e., a Dirac delta function. In contrast s of the CAA solver consists of an entire Gaussian
distribution of monopoles, which taken all together approximate a single monopole speaker. A single Dirac delta
source would create instabilities (Runge phenomenon), while its smoothed alternative representation as Gaussian
distribution – applied here – is numerically more stable. We derive in the following a conversion rule between
s and s̃CAA, which will be applied later to compare s̃CAA and s̃CDPS in their physically equivalent form.
The linearized momentum and energy equation of the EULER equations (Eq. 6) of the CAA solver (without
flow) are (

ρ0∂tu′j
∂t p′
γ−1

)
+

(
∂x j p′
γ p0∇u′

γ−1

)
=

(
0
s

)
. (13)
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The time derivative and the combination of both equations gives the wave equation

∂ 2
t p′− c2

0∆p′ = (γ−1)∂ts(y, t) , (14)

where s(y, t) is the related force term. Since we assume an ideal gas, c2
0 = γ p0/ρ0 holds.

The general solution of the inhomogeneous wave equation in free space is known as

p′(x, t) =
γ−1
4π

∫
R3

∂τ s(y,τ)
|x− y| dy , (15)

with the delayed time τ = t−|x− y|/c0. As discussed before, to ensure numerical stability, the CAA solver uses
an entire Gaussian shaped distribution of monopoles

s(y, t) =
1

γ−1 ∑
m

e−(ym−y0)
2µ−2

δ (ym− y)sCAA(t) (16)

instead of a pure monopole source located at y0. sCAA(t) is the time signal, which is driving all individual
monopoles of the Gaussian distribution. The monopole positions are numbered with the index m. The variance
of the Gauss is set as µ = 2∆x. Hence µ is eight times smaller than the shortest acoustic wavelength evaluated
here (2.7 kHz).
Combining the latter equations provides

p′(x, t) = ∑
m

e−(ym−y0)
2µ−2 ∂τ sCAA(τm)

4π rm
, (17)

being τm = t− rm/c0 the delayed time due to the distance rm = |x− ym| between the observer x and each
monopole position ym.
In case of a homogeneous background flow in x1-direction with a Mach number M, the solution follows

p′(x, t) = ∑
m

e−(ym−y0)
2µ−2

{
c0M cos(θm)

4π r2
m a3

m
sCAA(τ+m )+

1−M cos(θm)/am

4π rm (1−M2)am
∂τ+sCAA(τ+m )

}
, (18)

being τ+m = t− rm(am−M cosθm)/(1−M2)/c0, a2
m = 1−M2 sin2(θm), and cos(θm) = (x1− y1m)/rm, see [12]. In

case the mic is placed in the far-field downstream of the source with θm ∼= 0, this simplifies to

p′(x, t) = ∑
m

e−(ym−y0)
2µ−2 ∂τ+sCAA(τ+m )

4π rm (1+M)
. (19)

In contrast to Eq. 14, the CDPS model solves the wave equation

∂ 2
t p′− c2

0∆p′ = δ (y0− y)s̃(t) , (20)

with a different source type, denoted by the overlying tilde. Instead of a Gaussian monopole distribution, the
CDPS model uses a single monopole at the center of the Gauss δ (y0− y). The CDPS model sets s̃(t) = sCDPS
directly equal to the test signal, i.e., the exponential sine sweep. Please note here the difference between the
signals s̃(t) of Eq. 20 and s(t) of Eq. 14, especially the time derivative. The far-field solution of Eq. 20 is

p′(x, t) =
s̃(τ+0 )

4π r0 (1+M)
. (21)

Since both sound fields p′ of Eq. 19 and Eq. 21 must be equal, s̃CAA and sCAA are related by

s̃CAA(τ+0 )

r0
= ∑

m
e−(ym−y0)

2µ−2 ∂τ+sCAA(τ+m )

rm
. (22)
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Figure 2. Two different types of source terms sCAA and s̃CAA corresponding to the same exponential sine sweep
used as input signal throughout this work. While varying amplitude and phase this input signal is used for all
loudspeakers. For better visibility, only the upper half of the signal is shown. Furthermore, the peak envelope
for each signal is depicted, to highlight the different maximal amplitudes.

Thus, after converting sCAA to s̃CAA according to Eq. 22, s̃CAA and s̃CDPS are comparable.
For the present case without flow (M = 0) Fig. 2 shows the utilized exponential sine sweep, i.e., s̃CAA ∼
sin(ω0 eα tt). α determines the exponent of the frequency increase over time. Besides an initial and final fade
out its amplitude is constant. The corresponding sCAA signal – perfectly related by Eq. 22 – is also shown in
Fig. 2.
The outer time derivative of a cos sweep gives a sine sweep (and vice versa), which explains the phase shift of
π/2 between sCAA and s̃CAA. The inner time derivative of the exponential frequency dependency of the sweep
corresponds to the envelope curvature. In the case of homogeneous background flow with M c0 = 17.15m/s, the
time delay between the different monopoles of the Gaussian distribution is either increased or reduced depending
on the observer position (θm). However, this effect is restricted to high-frequency components (Fig. 2) and is
negligible (±0.1dB) within the accuracy of the SPL errors discussed below. By increasing the ratio between
the Gauss variance and the shortest wavelength, this flow effect completely disappears.
Once Eq. 22 is evaluated for a given signal (here a sine sweep), the conversion factor is universal for all
speakers if – like in the present case – only the absolute phase and overall amplitude of the speaker signals
differ. Thus, also the spectral ratio F [s̃CAA]( f )/F [sCAA]( f ) needs to be determined only once. Therein, F is
the discrete Fourier transformation. Throughout the following spectral evaluation, this ratio will be applied to
convert sCAA( f ) to s̃CAA( f ).

4.2 Spectral comparison of the original excitation signal and the adjoint-based solution
Fig. 3 depicts the gains of s̃CAA provided by the CAA solver. Due to the used exponential sweep (cf. Fig. 2),
higher frequencies have smaller time shares reflected by a decaying gain with increasing frequency in Fig. 3.
The overall amplitude variation between the speakers causes the frequency independent offset.
Fig. 4 shows the phases of s̃CAA, featuring periodic 2π shifts as expected.
Fig. 5 and Fig. 6 show the gain and the phase differences between s̃CDPS (reference solution of the CDPS
model) and s̃CAA (adjoint CAA solution). The maximal gain deviation error at the frequency interval edges is
±0.25dB, and less than ±0.15dB between 1.5 kHz and 2.4 kHz for all speakers (Fig. 5). Hence, also the
relative pressure levels between all five speakers are correctly captured. The phase deviation between the CAA
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Figure 4. CAA solution of the input phase of the
loudest speaker. All other speakers show qualitatively
similar behavior.

and the CDPS solution corresponds to a phase shift of less than half a percent (phase shift in rad/2π) within
the whole frequency interval (Fig. 6). Probably, the phase error is so small since a phase shift of p′ in Eq. 5
has a greater impact on the objective in contrast to a perturbation of the pressure magnitude.
To conclude, the adjoint-based CAA solver is able to provide driving functions for the line array, which are
comparable to the CDPS reference up to ±0.25dB and a phase error of half a percent.

5 SUMMARY
An adjoint-based framework for the determination of optimal driving functions of monopole speakers for sound
reinforcement applications is presented. The effects of the employed Gaussian monopole implementation is
discussed in detail. The required conversion function is derived analytically based on the analytic solution of
the inhomogeneous wave equation including background flow. In summary, it has been shown that the approach
is able to determine optimal driving functions, i.e., gain and delay, for a representative line array arrangement.
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ABSTRACT
Outdoor musical events in urban environments are of large cultural importance, but they are also a source of 
noise, especially for non-participating neighbors. In an attempt to solve this, an Adaptive Sound Field Control 
(ASFC) system is under development. The purpose is to mitigate low-frequency noise annoyance for 
neighbors and simultaneously enhance the audience musical experience. The system uses a secondary array 
of loudspeakers, canceling out the sound in a dark zone. To do this, accurate estimates of the transfer function 
between the loudspeakers and the dark zone are necessary. A static version of the system has been tested in 
three events: a controlled pre-test, the Kappa FuturFestival in Torino, and Tivoli in Copenhagen. These 
deployments are reported and discussed, with special focus on the Kappa FuturFestival, where noise 
measurements were conducted in the neighborhood, supplementing the insertion loss measurement from the 
ASFC. The performance of the ASFC system is shown to strongly depend on the complexity of the setting. 
In the final stage, the system needs to be adaptive in order to adjust to changing weather conditions. The 
adaptive parts of the system are under development and will be tested in a series of events during 2019.

Keywords: Sound Field Control, Outdoor Concerts, IoT

1. INTRODUCTION
Outdoor concerts in urban areas are important cultural events. However, there are challenges due to 
noise exposure and fulfilling noise regulations in neighbor areas. Concert organizers want to give their 
performers and audience a good musical experience, which might be compromised due to the neighbor 
noise issues. In an attempt to solve this, an adaptive sound field control (ASFC) system is being 
developed to mitigate annoyance in residential areas nearby. The focus of the approach is on the 
control of low frequencies. The ASFC system is consisting of loudspeaker arrays developed as a sound 
zone system, integrated with the organizer's public address (PA) system into an acoustic closed loop 
system. 

Most modern sound reinforcement systems are based on the line array principle, which allows 
for the control of directivity of the sound radiation of high and mid frequencies. However, the sound 
propagation of low frequencies cannot be as easily controlled, as sound waves at these frequencies 
are less attenuated by air and reflections from boundaries and are damped the least by the structures 
of buildings. Low frequencies are therefore the most critical frequencies in the noise problem of 
outdoor concerts. The subwoofers are often arranged in a horizontal array or as two left-right clusters. 
In the reported ASFC system, these systems (primary sources) are extended using additional low-
frequency loudspeakers (secondary sources), which are controlled by the ASFC system. The secondary 
sources are placed behind the audience in between the primary sources and the neighboring region in 
which the sound from the event should be reduced (dark zone). The radiation from the secondary 
sources is optimized so that the sum of sound pressures from the primary and secondary sources 
effectively reduces the total sound pressure level in the dark zone. However, at the same time, the use 
of additional loudspeakers to control the sound in the dark zone must not negatively impact the sound 
experience in the audience area, the bright zone. For the computation of the secondary source control 
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filters, transfer functions between each source (subwoofer) and each control position are needed. 
These transfer functions have so far been based on microphone array measurements for tuning the 
system before its deployment. One main challenge in developing a full-scale outdoor ASFC system is 
the changing weather conditions and their effect on the transfer functions. In order to take this into 
account, the final system is planned to incorporate an adaptive model-updating system, which adjusts 
for changes in the transfer functions.

The reported work is part of the MONICA project (https://www.monica-project.eu/), a large-
scale demonstration of IoT techniques for a smarter living. The full project consists of demonstrations 
in six major European cities, of which two – Copenhagen and Torino – are considered in the present 
application and paper. The IoT technique is intended to provide real-time data for the adaptive model 
updating. Another use of the IoT is for monitoring the noise pollution of the concert in real time, and 
for accurate measurements of transfer functions before the concert. The work presented in this paper 
is reporting on ongoing research; the overall ASFC strategy [1], the overall MONICA project with a 
focus on the sound monitoring tasks [2], and the measurements conducted in 2018 (partly reported in 
[3, 4]; more details can be found in these publications). The present paper gives some more details in 
the technical implementation and results from the three full-scale outdoor events in 2018 with 
increasing complexity; these are 1) a pre-test at Refshaleøen in Copenhagen, 2) Kappa FuturFestival 
in Torino, and 3) Tivoli Fredagsrock in Copenhagen. It is shown that the chosen ASFC strategy, in its 
static version, gives a satisfactory result (>10 dB IL in the low-frequency range) when the complexity 
is low as in the pre-test, but that in the more complex situations the result is limited (6 dB IL in Torino) 
or even no reduction (Tivoli).

2. METHOD

2.1 Method overview
The overall concept of the ASFC system is illustrated in Figure 1 (see [1]). The music signal is taken 
from the mixer board to the sound field controller. The sound field controller is using a propagation 
model that estimates transfer functions used in the optimization process to find the appropriate 
loudspeaker filters. The goal with the optimization is to minimize the sound pressure level in the dark 
zone. In the non-adaptive version of the system, the transfer functions in the propagation model 
module are based on measurements before the concert; this is the version of the system that has been 
tested in full scale so far. In 2019 the adaptive version will be tested, using sensor data.

Figure 1 – Left: Information flow in the sound field control system, from [1]. Right: Signal 
processing flow of the Sound Field Controller module.

2.2 Loudspeaker array configuration
The ASFC system is based on the principle of sound zoning; the method used is a version of pressure-
matching acoustic contrast control (PM-ACC), see [5]. The objective is to minimize the average SPL 
in the dark zone and the reproduction error in the bright zone. In the version of PM-ACC used in the 
present ASFC, only the secondary sources are controlled, see Heuchel et al. in [3]. The reformulated 
cost function consists of three terms,min + (1 ) + + (1)
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where and is the control weights for the secondary and primary loudspeakers, respectively. 
Moreover,  ,  , and are matrices containing transfer functions between secondary 
loudspeakers to bright zone, secondary loudspeakers to dark zone, and primary loudspeakers to dark 
zone, respectively. The first term in Eq. (1) minimizes the contribution from the secondary sources in 
the bright zoon (the audience area), the second term minimizes the total contribution in the dark zone, 
and the third term is a Tikhonov regularization term controlling the magnitude of the total loudspeaker 
filter weights. The parameter controls the balance between pressure matching and acoustic contrast 
and the parameter is the Tikhonov regularization parameter. In the full-scale tests reported in 
section 3, both parameters were tuned manually.

2.3 Signal chain configuration
The signal chain of the ASFC system is further described in Figure 3. The ASFC processing core 
calculates optimized control weights of the secondary sources from the transfer function set measured 
between the PA system of the stage and the bright and dark zones (see the monitoring paths 1, 2, 3a, 
and 3b in Figure 3).

All signal connections are enabled using DANTE (Digital Audio Network Through Ethernet) 
protocol. We selected a network-based protocol for connecting the ASFC system because the distances 
between the components can be over several hundred meters, far longer than the standard multichannel 
audio device setup. To ensure the reliable long-distance multi-channel signal transmission, signal 
routing over a single Ethernet cable the most reasonable approach. In addition, the ASFC system 
requires monitoring and playback of a high number of channels. The broadcast/subscription concept 
in network-based audio transmission has great advantages over a traditional one-to-one channel-based 
connection. Once the signals are on the DANTE network, any DANTE-enabled device are ready to 
transmit and receive signals.

Figure 3 – Monitoring/Playback signal chain configuration of the ASFC system.

The ASFC requires real-time monitoring of the PA audio channels and monitoring of these channels 
can be done simply by connecting the mixing console. However, the signal outputs that passing the 
PA amplifier (what we need to know) can be quite different from the PA Mixing Console output. In 
general, after the music signal passes the mixing console, there are EQ/delay lines applied afterward 
which mean to adjust the sound fit to a specific venue. For accurate monitoring, it is recommended to 
monitor the whole electro-acoustic signal from the latest node (the monitoring path 2 in Figure 3). We 
have developed a device called Sniffer, which can monitor the high-voltage analog output from the 
PA amplifier. The sniffer is placed in the signal line between the PA amplifier and the PA loudspeaker, 
and thus monitor the signal actually provided to the loudspeaker. This signal is sent to the DANTE 
interface for further processing. Alternatively, the monitoring can be done at the previous nodes (the 
monitoring path 1) if the transfer function to the end node is known in advance. If there is no 
possibility of change in EQ/delay lines during the event, the latter approach can be practical but if not, 
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the final node after the PA amplifier should be monitored. 
Monitoring purpose of the sound in the bright zone is to minimize the reproduction error 

(unwanted sound due to secondary array activation) in the audience area. Because people can enter 
and exhibit the measurement area, it is wise to use IoT enabled sound level meter (IoT-SLM) instead 
of wired connection for the safe and secure measurement [4]. However, from the informal listening 
test that we have conducted in the pre-test at Refshaleøen (see the section 3.1), it was clear that people 
could hardly distinguish the secondary source activation from the deactivation even when the 
secondary array was just a few meters away from the audience area. Therefore, in the other two pilots 
– KappaFuturFestival and Fredagsrock - the bright zone monitoring (the path 3a) was removed.  

In the controlled pretest at Refshaleøen, the dark zone connection was enabled by DANTE
connection. However, the wired connection was not possible in the two following real concert cases 
because of roads and railways separating the concert area and the dark zone. Therefore, the sound in 
the dark zone was recorded remotely and data time alignment and synchronization were done with 
post-processing.

3. Results
In 2018 three full-scale outdoor tests were conducted, with increasing complexity. These tests are 
shortly reported below.

3.1 Refshaleøen, Copenhagen
In May 2018 a full-scale outdoor test with professional PA equipment was conducted at Refshaleøen 
in Copenhagen, with the purpose of investigating and testing the ASFC system in a more realistic 
setting, see Figure 4 and Ref. [3]. The area for the test consisted of a flat ground surface, and there 
were no obstacles (except for the secondary subwoofer array) in between the sources and the control 
zones. The temperature and wind were changing moderately. The experiment spanned a region of 80 
m × 20 m. The primary sources comprised 10 subwoofers arranged in a line array with 2 m spacing. 
The secondary sources consisted of 20 subwoofers of the same type arranged in a double layer line 
array. The subwoofer model had an intrinsic cardioid radiation pattern and a nominal frequency range 
of 37 Hz (-5dB). The transfer functions to the bright and dark zones were sampled at 100 
microphone positions in each zone, half of which was used for the computation of the control filters 
and the other half for the performance estimation.

The results of this test are presented in detail in Ref. [3], and are only briefly summarized here. 
A maximal insertion loss was estimated to be 12-14 dB between 45-85 Hz when using either two or 
just one layer of secondary sources. Thus, using a double layer does not significantly increase the 
insertion loss, but it does increases the primary-to-secondary ratio in the bright zone by 2-10 dB.
However, the primary to secondary ratio is larger than 15 dB at all frequencies for both cases, 
suggesting that a single layer of cardioid secondary sources is sufficient for avoiding the secondary 
sources to be heard in the bright zone. This justifies the use of only one layer of cardioid secondary 
sources in the succeeding tests. 

Measuring the system performance with a mismatch of temperature conditions between the 
transfer function measurements and the cancelation test – the temperatures had fallen by 6-8 °C 
between the two times – led to a reduction of the insertion loss of 2-10 dB.
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Figure 4 – The full-scale pre-test at Refshaleøen. Upper-left: Double array of secondary subwoofers. 
Upper-right: Result of the preliminary listening test in the bright zone (audience area). Darker circle 

means the subject failed to discriminate the difference. Lower: In the front the primary subwoofer 
array and complementary mid-high frequency line array, in the back the secondary subwoofer array. 

A listening test is conducted in the audience area (bright zone).

In addition, a preliminary listening test was conducted to check the audibility of the secondary 
array activation in the audience area (total of 17 subjects). Each subject was placed at different 
positions in the audience area (Figure 4 (upper-right)) and the Triangle Test (3-AFC) [6], was 
performed to discriminate the effect of the secondary array activation. Under the questionnaire of 
‘Which sample is most different from the others?’, the subjects were asked to choose the sample from 
permuted three trials (BBA, BAB, ABB). Sample A represents the test case both primary and 
secondary arrays are activated and sample B is the reference sample where only the primary array is 
on. Only the single-layer secondary array was driven with simulated PM-ACC solution of Eq. (1) in 
section 2.2. Note that the level difference between the primary array and the secondary array was less 
than 3dB.

The result shows that out of 17 subjects (circles in Figure 4 (upper-right)), no one was able to 
make correct three choices for the test (the number of the correct answer is represented with a black-
gray-white color difference). Even a subject within 5 m from the secondary array only scored 1 out of 
3 questions. We have six participants who scored 2 out of 3 but note that the guessing probability is 
2/9 for the test. Further investigation is needed but we are presuming that the late-arriving sound from 
the secondary array is masked by the first-arriving coherent sound from the primary array. In this pre-
test, although the secondary array is placed very close to the audience area the audibility in the
audience area was not clear. Therefore, we can expect that if ,the secondary array is placed further 
from the audience area, the effect would be negligible. This also implies that the optimization problem 
of Eq. (1) can be modified to neglect the reproduction error in the bright zone.  
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3.2 Kappa FuturFestival, Torino
The Kappa FuturFestival is an electronic music festival that takes place every summer at the beginning 
of July in Dora Park in Torino, Italy. The festival runs from noon to midnight for two days (Saturday 
and Sunday) on three or four stages and welcomes 12,000 spectators per day. The festival in 2018 was 
chosen as the first real-world and real-time test of the ASFC system, at the Futur stage. The main 
results are presented in detail in [3, 4], and is only shortly reported here. Compared to the previous 
experiments this scenario posed several new challenges: There is a complex, uneven terrain with many 
reflecting structures and surfaces around the venue and dark zone. Moreover, the dark zone has 
obstacles in the line of sight to both the primary and secondary sources. Due to practical limitations, 
fewer positions of the transfer functions in the dark zone could be measured. Finally, the environment 
was noisy (due to sound from other concert stages as well as road and tram traffic), resulting in a 
limited signal to noise ratio in the transfer function measurements. Also, note that here the control 
loudspeaker signals were convolved in real time. The secondary source array is shown in Figure 5 
(left).

Figure 5 – The full-scale pilot test at Kappa FuturFestival. Left: In the foreground the 20 subwoofer 
secondary array. In the background is the church building that was used as the dark zone. Right: 

Estimated average Insertion Loss, from [3].

The part of the festival area that used for the test spans around 300 m in length, from the primary 
sources to the end of the dark zone. The primary subwoofer array consists of 20 cardioid subwoofers. 
The width of the secondary array is around 40 m, consisting of 16 cardioid subwoofers, facing the 
dark zone – it was judged that the secondary array had no noticeable effect in the audience area/bright 
zone. The width of the dark zone is also around 40 m, but not fully in line with the secondary sources. 
The stage sound system also featured two vertical line arrays for the higher frequencies, but these 
were not included in the sound field control system. The dark zone was approximately 100 m deep 
and 40 m wide, placed on an elevated courtyard and the roof of a modern church building. It was 
sampled at 20 microphone positions in the courtyard and 30 positions on the rooftop. After the 
measurement of the transfer-functions from all sources to all microphone positions, a set of control 
filters was computed, and the regularization parameter was chosen by hand such that the gain of the 
control filters was not overly extreme. Figure 5 (right) shows the estimated insertion loss of the 
system; an IL of around 6 dB is achieved between 31.5 Hz and 40 Hz, and in the range from 25 Hz to 
100 Hz, an IL of above 3 dB is achieved. This shows that the system works, but the effect is 
significantly worse than in the previous experiment. Moreover, the effect of the system was not clearly 
audible in the dark zone; the reason for this is partly due to the limited bandwidth and low-frequency 
range of the effect, and partly due to the high background noise level from the other stages of the 
festival.

At the façade of one of the neighbor dwellings, from 4th to 9th floor, 200 m away from the 
secondary array, the effect of the system was not clearly audible, mainly due to noise from the other 
stages of the festival and traffic noise. In particular, the transfer function from the Main and Futur 
stage has been estimated to be more or less equal at these positions [7]. An analysis on one-third 
octave bands from 31.5 to 50 Hz confirmed the difficulty to properly detect an effect on such complex 
acoustic field with multiple sources, see Figure 6.
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Figure 6 – One third octave band analysis of sound at façade of a neighbor building, compared with
sound at the church roof (dark zone) and the Futur stage (bright zone). Left: 31.5 Hz. Right: 40 Hz.

3.3 Tivoli, Copenhagen
The ASFC system was also deployed at a third full-scale outdoor test at a concert at Tivoli, 
Copenhagen, in August 2018. Figure 7 left shows the secondary subwoofer array, located at the roof 
of the concert hall building at Tivoli. The dark zone was located in a city courtyard on the other side 
of the street, outside Tivoli. The geometrical and topological complexity is much greater than in the 
previous testy cases; there are multiple buildings that scatter the sound propagating from both primary 
and secondary sources, and there is as well a large building in the line of sight between the primary 
sources and the dark zone, etc. Moreover, time constraints, noise regulations, and weather conditions 
limited the possibility of measure transfer functions.

Figure 7 – The full-scale pilot test at Tivoli. Left: The subwoofer secondary array on the roof. Right-
top: Microphone positions in the dark zone. Right-bottom: Average SPL in the dark zone.

The challenges faced at Tivoli all together led to an unsuccessful test result. The problems faced 
are here summarized: 1) There were problems during measurement of the transfer-functions: Due to 
the long distances and road traffic, wired cables could not be used. Instead, a system specially 
designed by B&K was used, using a GPS-NMEA signal for time synchronization (this system was 
also used in Torino, where it worked well). However, we experienced problems with the 
synchronization of the recording front ends connected to microphones and signal generators. This 
resulted in the measurements of the transfer functions were not aligned in time properly which makes 
it impossible to calculate the cancellation filter. Moreover, continuous rain during the planned 
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transfer-function measurement session limited the time available. Therefore, only a subset of the 
measurements could be used. 2) There where a change in weather and audience conditions between 
the measurement of transfer functions and concert time. This is the purpose of the adaptive part of the 
ASFC, which was not tested at Tivoli. 3) The complex geometry did give a strongly reverberant and 
complex sound field in the dark zone, as the microphones were placed in a city courtyard. To describe 
this sound field properly, longer FIR filters and a denser grid of microphone positions would have 
been needed. 4) As compared to previous tests, the primary subwoofer system was driven by two 
separate audio systems. This was dealt with using an ad-hoc design without proper validation. 
Moreover, part of the low-frequency range (down to 65 Hz) was also produced by the hanging top line 
array loudspeakers. This led to a more complex configuration. 5) The signal to noise ratio was very 
low because of extensive road traffic between the park and the measurement location, increasing the 
background noise. In addition, the music signal was low compared to the level we could reach in 
Torino. As a result, as the measurements showed no effect or insertion loss of the system, as seen in 
Figure 7 (right-bottom).

CONCLUDING REMARKS
The paper present ongoing work developing an adaptive sound field control system for outdoor 
concerts. Three full-scale outdoor tests are reported, with increasing complexity, and still without the 
adaptive solution. The results show that the proposed system works satisfactorily in stable outdoor 
conditions and in sites of moderate topological complexity. Many practical challenges have been faced, 
which are reported too. The results show that the basic principles behind the sound field control work 
also in this scale; in the first pre-test experiment an insertion loss of more than 10 dB (the effect was 
clearly audible on-site). However, when the complexity of the situation increased, the performance 
was compromised. In the final test at Tivoli, Copenhagen, which is by far the most complex of the 
three tests, no insertion loss was achieved. Thus, it seems as the adaptive part of the system seems 
necessary, and that still a large set of measured transfer functions of good quality is essential for good 
results. Moreover, from the pre-test, it can also be concluded that if using cardioid subwoofers, the 
spillover from the secondary sources to the audience in the bright zone is minimal, only online of 
secondary sources is needed, and that the emphasis of the cost function shall be on controlling the 
dark zone. 
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Adapting transfer functions to changes in atmospheric conditions for outdoor
sound field control
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Abstract
The performance of active sound field control solutions is directly dependent on the accuracy of the measured
acoustic transfer functions between the control loudspeakers and control areas. Outdoors, these transfer func-
tions are affected by atmospheric conditions and their variation over time. In this work, we investigate methods
for estimating transfer functions changes due to changing atmospheric conditions with the goal of adapting out-
door sound field control systems to such changes. We train and test the estimation strategies against results of a
large set of outdoor transfer function measurements in different atmospheric conditions.
Keywords: Outdoor sound propagation, Sound Field Control, Machine learning

1 INTRODUCTION
Active control of the sound that outdoor concerts radiate into their surroundings might be useful to reduce
the annoyance that such events create. However, the propagation of sound in earth’s atmosphere is complex,
because it is influenced by changes in wind, temperature and other conditions [1]. Studies on the influence
of atmospheric variations on loudspeaker and microphone characteristics [2] and on measured outdoor impulse
responses [3] reported that the whole transmission path from signal generation to its recording is sensitive
to atmospheric conditions. Such changes have a crucial effect on non-adaptive sound field control systems
[4, 5, 6]. But also active control systems based on adaptive filtering rely on some kind of estimate of the
secondary transmission path. For example, one of the most popular adaptive filtering algorithms, the filtered-
reference least-mean-square filter [7], needs a secondary path estimate with a maximum phase error of 90◦ for
convergence [8, p. 144]. If the secondary path changes too much, the secondary path model of the FxLMS
filter needs to be updated.
Thus, sound reproduction systems that intend to synthesize a specific sound field accurately, be it for the purpose
of accurate reproduction of sound or its control, might need to take changes in transmission paths due to
atmospheric changes into account.
In a previous work, Caviedes-Nozal et al. experimentally studied changes in outdoor transmission paths between
two loudspeakers and four microphones with distances of 150 m to 300 m apart under varying temperature
and wind conditions [9]. These atmospheric variations influenced both magnitude and phase of the measured
transfer functions. It was observed that the induced weather dependent change of phase could be reasonably
well modelled by an appropriate delay applied to a single reference impulse response. While this optimal
delay was approximately linearly dependent on temperature and wind variations, it is questionable if a linear
regression estimation predicts the delay accurately enough for use in a secondary path model of a FxLMS
filter. To continue that work, we investigate in the present paper if machine-learning based regression models
can make better estimations of this compensation delay or even the complete transfer functions. Such methods
might be fast and accurate predictors when trained on a meaningful data set compared to estimations based on
physical models [10].
The paper is structured as follows. In section 2 the data set of measured transfer functions is described and
the used machine learning regression methods are explained. Section 3 shows how accurately transfer function
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changes can be predicted from weather data. These results are discussed in section 4.

2 METHOD
Estimation changes in transfer functions from weather data can be seen as a regression problem. The main
goal in regression analysis is to find an accurate estimation model f with model parameters β that estimates
the dependent variables Y from the known variables X , i.e. f (X ,β ) ≈ Y . In the present paper, two regression
problems are studied which intend to estimate the changes with weather in transfer functions (or equivalently in
impulse responses) relative to a reference transfer function Hre f ( f ). In the first problem, the complex transfer-
function coefficients (Y ) are estimated using a Feed Forward Neural Network ( f ) from the weather conditions
(X), where the network parameters (β ) are computed by Deep Learning and back-propagation. In the second
problem, the effective delay (Y ) by the weather conditions (X) is estimated using an automated machine-learning
framework that finds both useful regression functions f and their parameters β .
In the following, the data set and the two machine-learning approaches are shortly summarized.

2.1 Data set
In the previous study [9], outdoor transfer-functions were measured between two loudspeakers and eight micro-
phones together with wind speed, wind direction and temperature at different heights over a period of 6 days.
The present study focuses on one of the loudspeaker-microphone pairs (L2, M7), which were separated by a
distance of approximately 160 m. The used loudspeaker was a subwoofer with a frequency range of around
40-140 Hz.
The measurement series consisted of 77 measurement sets, with each set comprising 10 recordings of 10 second
exponential sweeps, totalling 770 impulse response measurements. The sets were separated by a 30 minutes
break during the day or a whole night between the last and first measurement of a day. Thus, the weather
conditions can be very different between sets while they are rather similar during the 10 sweeps of one set.
The first transfer function measurement of the series is chosen as the reference Hre f ( f ).
For the first regression problem, the independent variables are the wind speed v, wind direction α and temper-
ature T at 5 different heights and the frequency vector f

X = (v8m,v31m,v44m,v57m,v70m,α8m,α31m,α44m,α57m,α70m,T8m,T31m,T44m,T57m,T70m, f).

The complex transfer functions changes are reconstructed using a Feed Forward Neural Network, the dependent
variables Y are the changes in phase and magnitude of the frequency responses H( f ) due to varying weather X
relative to the reference frequency transfer function Hre f ( f )

Y =

(
10log10

(∣∣∣∣ H
Hre f

∣∣∣∣) ,∠
H

Hre f

)
. (1)

For the second regression problem, the independent variables are

X = (v8m,v31m,v44m,v57m,v70m,α8m,α31m,α44m,α57m,α70m,T8m,T31m,T44m,T57m,T70m).

The dependent variable,

Y = argmax
∆t

(h?hre f )(∆t) = argmax
∆t

∫
h(t)hre f (t−∆t)dt, (2)

is the time delay that maximizes the cross-correlation between the impulse responses h(t) measured during
weather condition X and the first measured impulse response hre f (t).
The measurement series data is divided into 51 sets for model training and 26 sets for testing for both problems.
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Figure 1. Feed forward neural network representation and activation functions.

2.2 Feed Forward Neural Networks
A feed forward neural network (FFNN), also known as multilayer perceptrons, is an artificial neural network
that approximates a function Y = f ∗(X) through the connection of several simple functions [11]

f ∗(X)' f (X ,β ) = f (L)(...( f (n)(... f (1)(X ,β1),βn),βL), (3)

where L is the number of hidden layers in the network. Figure 1a shows a classical representation of a FFNN.
The input layer is the vector of known variables X . This vector is connected to the first hidden layer, which
is subsequently connected to the following hidden layers until the output layer (i.e. it is forward-propagated).
The overall length of the chain gives the depth of the network. Each layer consists of smaller units called
perceptrons (represented by circles in Figure 1a) which output is ruled by an activation function g. For example,
the output of the first perceptron in the first hidden layer in the figure is

p = g

(
N

∑
i=1

wixi +b

)
, (4)

where wi are the weights for each of the elements of the previous layer and b is an overall bias. The w’s and
b’s for each perceptron in the network that best approximate the desired dependent variables f (x) are found
via back-propagation, which is the essential algorithm to train a deep neural network. In back-propagation, the
training data Y is compared to the output of the network at the output layer based on a defined cost function
(mean squared error in the present study). The different contributions of each perceptron to the total error are
estimated by calculating the partial derivatives of the error with respect to the different weights and biases using
the chain rule and backpropagating of the error over the layers. For more details on the derivation, refer to [11].
There are multiple types of activation functions that are standard choices in this type of networks. In this work
we use two different activation functions: the hyperbolic tangent in the first hidden layer and the sigmoid in
the second hidden layer, as they were proven to be useful in similar problems [10] (see Fig. 1b).
To avoid overfitting, the model is trained using 10-fold cross validation over the data and dropout of 20% in
both hidden layers, which consists on the random deactivation of 20% of the perceptrons during training [12].
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Figure 2. (a) Designed FFNN to reconstruct the normalized transfer functions Y = H
Hre f

. (b) Resulting error in
the test set. A phase error below 90◦ suggests that the estimator might be suitable for adapting the secondary
path model of an FxLMS algorithm.

2.3 Automated machine learning with auto-sklearn
Selecting the right regression method f and its hyperparameters can be a tedious process as no single algo-
rithm is known to work best on all data sets. For the second regression problem where the effective delay of
the impulse response due to weather changes is estimated from weather data, the automatic machine learning
framework auto-sklearn [13] is used. It builds a regression estimator from an ensemble of regression algorithms
of the well known scikit-learn Python library [14] and optimizes their hyperparameters automatically based on
the training data.

3 RESULTS
In this section, the error between the predicted and measured transfer functions changes is shown for both
regression problems. The phase change estimation errors are discussed in terms of its suitability for updating
the secondary path model of an FxLMS algorithm. A delay error below 1.8 ms or phase error of 90◦ suggests
that the FxLMS algorithm converges. Below 0.9 ms or 45◦ convergence might be fast.

3.1 Transfer-function estimation using Feed Forward Neural Networks
The changes in magnitude and phase of the measured transfer functions with respect to the reference (Eq. (1))
were estimated with a simple FFNN consisting of two hidden layers of 640 and 2560 perceptrons correspond-
ingly (see Fig. 2a).
Figure 2b shows the error between the measured and the predicted changes in the transfer functions both in
phase and magnitude. The amplitude error is between [-2, 2] dB for most of the frequency range. The phase
error is below 90◦ up to 110 Hz.

3.2 Delay estimation
The auto-sklearn estimator was trained with default settings on the training set and predict the compensation
delays on the test set. For comparison a linear regression estimator was used to find the same compensation
delays. Figure 3 a) displays the delay prediction error of both estimators together with the the delay error
without compensation (ypred = 0). Compared to the reference impulse response, the atmospheric variations lead
to effective delays in the transmission path of up to 7 ms when no compensation is applied. This might be
critical for an FxLMS adaptive filter, because for convergence, a pure delay error in the secondary path model
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Figure 3. Left: Difference of delay estimations to optimal delay. Right: Corresponding phase errors. A delay
error below 1.8 ms or 90◦ suggests that the estimator might be suitable for adapting the secondary path model
of an FxLMS algorithm. Below 0.9 ms or 45◦ the convergence might be fast.

must be less than 1.8ms for a minimum phase error of 90◦ at 140 Hz. The auto-sklearn estimation error is
less then 0.9 ms in most of the responses in the test set, which translates to a phase error below 45◦, if the
variations would only induce a pure delay. Such a phase error has only a small effect on the convergence of a
FxLMS algorithm [8].
As described in [9], the atmospheric variations are only approximately modelled as a delay of the impulse
responses. The actual phase difference of the impulse responses in the test set and the delay compensated
reference impulse response is shown on the right hand side of figure 3 (optimal delay). The phase error using
the optimal delay is small, which shows that modelling the influence of atmospheric variations as a pure delay
is a reasonable choice. Estimating the delay with the auto-sklearn estimator leads to phase errors that are below
90◦ in the frequency range of the subwoofer (30-140 Hz) and thus in the region of convergence.

4 DISCUSSION
Results show that machine learning regression techniques are useful tools to model the relation between the
transfer functions and weather conditions. It seems more difficult to predict changes at higher frequencies for
all the suggested solutions.
The results suggest that a single channel outdoor active noise control system based on FxLMS might adopt its
secondary path model by estimating a compensation delay from the current weather conditions.
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Components of Variation in Reverberation Time Measurement – Part 
2: Field Testing Rooms of Heavyweight Construction 

Bill WHITFIELD1;  
1 noise.co.uk Ltd, England 

ABSTRACT 
This paper uses analysis of variance (ANOVA) and a specific design of experiment (DOE) and construction 
choice to isolate the component of variance associated with the part (or room) being measured along with 
individual contributions of measurement uncertainty from the measurement system and the person making 
the measurement. 
It demonstrates how the gauge repeatability and reproducibility (GRR) technique can be used to identify the 
variability in reverberation time measurement over the frequency range 100-3150Hz and as individual 
component parts of the testing process associated with field sound insulation testing in the UK. 
The experiment uses the measurement of reverberation time associated with the ‘interrupted source method’ 
from EN ISO 354: 2003. 
 
Keywords: Measurement Uncertainty, Reverberation Time, ANOVA, GRR, Gauge, Repeatability, 
Reproducibility 

1. INTRODUCTION 
This paper is Part 2 of 2 papers looking at the measurement uncertainty associated with the 

measurement of reverberation time in the field and concentrates on residential rooms formed of 
heavyweight (concrete/masonry) floor construction. 

  The design of any scientific experiment must not only document and include details of the design 
of the experiment and the measurement procedure but must also attempt to attach a measurement error 
to the empirical results. Indeed some emphasise that an experiment is not complete until an analysis of 
the final result has been conducted ([1]). This is good practice as it allows the informed reader to 
understand, at a basic level, the likely variability in the measurement process and appreciate the 
precision which can be attached to the experimental procedure. 

This paper looks at the uncertainty associated with the field measurement of reverberation time and 
focuses on this as a component of the pre-completion sound insulation testing requirements of the 
Building Regulations for England and Wales. Field tests are the ubiquitous method of demonstrating 
compliance with the sound insulation performance standards and the definitive method of 
demonstrating conformity with the minimum sound insulation values should compliance be contested. 
Annex B of Approved Document E [(2)] Part of the field test procedure requires the measurement of 
the reverberation time in the room in order to correct for the receiver room’s effect on the sound 
insulation performance of the surface being measured. The sound insulation value calculated in each  
1/3rd octave band is ‘standardized’ (DnT) to a 0.5 second reverberation time using the methods as 
detailed in the international standards [(3, 4)] for determining the airborne and impact performance of 
the surface. 

This correction for reverberation time effect is detailed in equation (1): 
 

 (1) 

Where:   
D is the level difference,  
T is the reverberation time measured in the receiving room;  
T0 is the reference reverberation time; for dwellings, T0 = 0,5 s 

                                                        
1 bill@noise.co.uk 
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In this paper we are interested in the measurement uncertainty in measuring ‘T’. 
It is worthwhile noting the following from the standards: ‘NOTE 1: The standardizing of the level 

difference to a reverberation time of 0,5 s takes into account that in dwellings with furniture th e 
reverberation time has been found to be reasonably independent of the volume and of frequency and to 
be approximately equal to 0,5 s. With this standardizing, DnT is dependent on the direction of the 
sound transmission if the two rooms have different volumes.’ See Burgess & Utley et al and Diaz et al 
[(5, 6)]. 

 
This paper analyses the data from a special design of experiment (DoE) called a Gauge 

Repeatability and Reproducibility (GRR) experiment that was carried out on a residential block of 
flats of heavy-weight concrete/masonry construction where measurement of reverberation times were 
made in  unfurnished bedrooms. In this GRR the room is the part being measured and its size and 
shape was ‘blocked’ in this instance by choosing rooms of identical dimensions to determine the rooms’ 
effect on reverberation time from apparently identical parts.  It was, however, noted that not all the 
rooms were completely clear of building materials and some had stacked plasterboard and paint tins 
evident on the floor which were not removed by the test engineers.  

The measurement uncertainty is split into components of variance to identify the uncertainty 
contribution of the instrumentation, test engineer (operator) and the part (or in this case receiver room) 
being measured using advanced analysis of variance (ANOVA) which is described in more detail 
below. 

 

2. SITE SURVEY – ROOM AND CONSTRUCTION DETAILS 

2.1 Site 
The airborne sound insulation tests were carried out on a residential scheme which was nearing 

completion. The floor elements were between matched room pairs and five individual operators were 
used, each with their own test systems. An aim of this approach was to minimise systematic deviations 
in the measurement and thus the variability in measurement test data. Each “test system” was 
employed to test 5 notionally identical room pairs, or ‘parts’, to determine the performance of the 
separating floor. In all, the 5 room pairs were tested by each tester (reproducibility) on two separate 
occasions (repeatability) over the space of one day. This resulted in 10 test results for each system. 

The measurement procedure was designed to represent the noise.co.uk Ltd UKAS Accredited 
method statement using a static sampling approach during a normal operational day. The test method 
for measurement of reverberation time used the ‘interrupted source’ method from the standard [(7)]. 
Each test operator complied with the following procedure: Position the Loudspeaker in the receive 
room taking care to ensure that the speaker is more than 0.5m from any of the room boundaries, ensure 
that the microphone positions used to measure the reverberation time are set up to be greater than 2m 
from the source, 1.5m from each other and 1m from any room boundary where practicable , take a 
reverberation time (RT) measurement, Repeat the RT measurement step for a further minimum 5 runs, 
making 6 readings in total.  Measurements should be made using at least one speaker position, with 
two readings at three selected microphone positions. 

  The tests were carried out in a small bedroom (Bed 2) that measured approximately 3.1m long x 
2.975m wide x 2.375m high with an approximate room volume of 21.3m3. Five identical room pairs 
were selected across the development. See Figure 1 below. 

The rooms were of bare concrete floor, plasterboard wall and ceilings and were unfurnished. The 
floor element being measured on the test was a concrete construction and was Robust Detail E-FC-4, 
which from the top down consisted of: 65mm sand/cement screed; 6mm Isorubber resilient layer 
complete with 6/260 flanking edge strip to perimeter of floor layer; Proprietary 200mm PCC plank 
floor system (min. 300kg/m2); plasterboard ceiling consisting 15mm Knauf Wallboard (with 3mm 
skim finish to Knauf's recommendations), on MF suspended ceiling grid, with min 150mm ceiling 
void. 
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Figure 1: 4 out of the 5 Matched room pairs, Bed 2 shown on site layout plan. 

 

Figure 2: Light weight floor section whose sound insulation was being measured during the test. 

Drawing on earlier research on identifying the components of variance in the field measurement of 
sound insulation by Whitfield and Gibbs, [(8-10)] the experimental approach uses (ANOVA) and a 
(GRR) test method. The usefulness of these methods is mentioned by Mandel [(11)] and Tsai [(12)] and 
the previous use of ANOVA in acoustic research is not without precedent, see Taibo and Glasserman de 
Dayan [(13)] and it has also been used for measurement of reverberation time, all be it in the context of 
measuring the absorption of an element in a laboratory environment ,see Davern and Dubout P [(14, 
15)]. 

The main advantages of ANOVA are listed by Deldossi and Zappa [(16)] and include the ability to 
determine the contribution of the operator and part and operator by part interaction. A key contribution 
to the development of GRR was written by Montgomery and Runger [(17, 18)] and culminated in a 
monograph on the subject, including its special applications by Burdick et al [(19)], in which the 
ANOVA design, for the purpose of this research, is described as a Balanced Two Factor Crossed 
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random model with interaction. It informs this research on achieving an accurate and reliable estimate 
of the variability in the measurement process due to the part, the operator and the instrument. It is this 
model and additional information provided by Montgomery [(17, 18, 20)] and Burdick et al [(19)] 
which forms the analytical framework to separate out and quantify the components of variance in 
reverberation time measurement. 

 

3. GRR 

3.1 DOE 
The GRR has a particular DoE which relies on a number of gauge “operators” to measure a number 

of test specimens (parts) a repeated number of times. In this DoE due to the onerous test procedure 
required to capture one result (test) 5 UKAS accredited sound insulation test operators were used, each 
with their own test kit and tasked at measuring 5 floor specimens (parts) 2 times each. The model is 
detailed in equation (2): 

 
Yijk= μ+ Oi+ Pj+ (OP) ij+ E(k(ij)) 

(2) 
 
where: i = 1, 2,....., p :  j = 1, 2, ......., o  : k = 1, 2,…., r and;  

p = number of parts;  
o = number of operators;  
r = number of repetitions; and, 
 

 Oi, Pj, (OP) ij, and R(k(ij))  are random variables representing the effects of the operator, parts, 
operator by part interaction and the replications on the measurement and μ is an overall mean. Clearly, 
in the experiment described here p = 5, o = 5 and r = 2 

 
The definition of reproducibility in the GRR is covered in Burdick et al [(19)] and incorporates the 

interaction term and is shown in equation (3): The combined Gauge variance components are shown in 
equation (3) and the total variance shown in equation (4) which describes the total measurement 
uncertainty associated with the field testing of this particular part.  

 
          (3) 

        (4) 

           (5) 
 
It should be noted that in a GRR the reproducibility term does not contain the repeatability term by 

definition. This is different to the method of assessment in BS5725 [(21)] where repeatability is 
embedded in the reproducibility term resulting in reproducibility always being greater than 
repeatability. In GRR, the reproducibility can be  separated out into two components of variance, 
defined as the operator variance  ( ) and the operator by part interaction ( ). This is an important 
feature of ANOVA because it detects any interaction the operator has with the part being measured. In 
some cases the interaction term can be significant, and dominant as demonstrated by Whitfield and 
Gibbs [(22)] and it would remain hidden if using the BS5725 method of calculating repeatability ‘r’ 
and reproducibility ‘R’. Typical RT results for a typical single operator repeating measurements are 
detailed in Figure 3 and across all operators sampling a single room in Figure 4: 

 
The difference in the RT measured by operator ‘SP’ in Room 1 are not easily explained as measured 

levels from their sound level meter were consistent over both repeat measurements made. It is possible 
to now use the repeated measured values with the reproduced values of other operators to reduce the 
total uncertainty of measurement into its component parts.  
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Figure 3 : Typical operator RT for Room 1 (Secs) 

 
 

 
Figure 4: Average operator RTs for Room 1 (Secs) 

 
The results of the ANOVA analysis are graphically illustrated in Figure 5 for individual 

components of variance. The total variance of the RT measurement process ranges between 0.019 and 
0.33 seconds and shows a steadily rising level peaking at 500Hz and falling steadily to 2500Hz. This 
characteristic is replicated in the components associated with the engineer (operator), operator by part 
interaction term and the part to part variation across the same frequency range and these variances are  
broken down in Figure 5 to show the components associated with Reproducibility ‘R’ the operator by 
part interaction and part to part (Room) components of variance. It is noted that the ANOVA of the data 
determined there was significant interaction between the operator and the part being measured so the 
variance associated by ‘reproducibility’ includes this term. It is likely that as the floors of some of the 
rooms had stacked building materials the random measurement process was constrained, leading to 
interaction of the operator and the part; for example: it was difficult to place the loudspeaker in certain 
areas of the room due to stacked plasterboard. 
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Figure 5: Total Variance with (r) (instrument), (R) (Operator), interaction and part (Room) variances 

 

Figure 6: Variances associated with the instrument (r) and the Part (Room) 

 
  The ability to detect interaction is an important feature of ANOVA because it detects an y 

interaction the operator has with the part being measured. In some cases the interaction term can be 
significant in a measurement routine, at certain frequencies can also be dominant as demonstrated by 
Whitfield and Gibbs [(23)] and it would remain hidden if using the BS5725 method of calculating  
repeatability ‘r’ and reproducibility ‘R‘or assuming an approach using GUM [(24)]. 

What’s notable from the GRR data shown in Figure 6 is that the variance associated with the 
instrument (r) is generally higher at the lower frequencies falling after peaking at 0.034 seconds at 
100Hz to below 0.012 seconds above 200Hz which generally indicates high levels of repeatability in 
the measurement process. The higher variance at lower frequencies is likely partly due to the 
limitations of the sound level meter,RT response at lower frequencies and the less diffuse sound field 
in the relatively small rooms. 
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This is in contrast to the variance attributable to the part being measured which shows the variance 
levels are lower than the variance associated with the instrument between 100-125Hz and significantly 
higher at 160Hz and above. The part to part variation in this case was likely due to abandoned building 
materials in some of the receiver rooms which could not easily be moved by the on site test teams. 
Even so the room dimensions are as far as practical equivalent and the variance due to the part in this 
case dominates over the variance associated with the instrument and the operator. 

 
The dominant contributor to the total uncertainty associated with the measurement of reverberation 

time in this experiment is, therefore, dependent on frequency and is due in the main to the part being 
measured closely, followed by the operator’s contribution, with the instrument offering only a small 
contribution at 125Hz and above. 

4. CONCLUSION 

4.1 ANOVA GRR 
The calculation of measurement uncertainty in the measurement of reverberation time in the field 

testing of sound insulation can be carried out using a specialist DoE based on ANOVA. This allows the 
components of variance to be broken down into the uncertainty associated with the instrument , that 
associated with the operator , and that associated by the part being measured. 

In order to identify how the part, in this case the room in which the reverberation time is measured,  
contributes to the overall uncertainty of measurement this factor can be ‘blocked’ by choosing 
identical rooms of the same shape size and finish varying only by the workmanship used to create them. 
It is noted that the GRR type experiment uses the same experimental effort as that required by 
traditional means of identifying ‘r’ and ‘R’ e.g. BS5725, but allows the researcher to splice out  
significantly more detail from the same data about the contributors to the overall uncertainty including 
any interaction between the operators making the measurement and the part being measured. The 
blocking of the room effect in this experiment was affected by the on site condition of the rooms as 
some had stored building materials in them which was not ideal. It did, however, show that in field test 
situations there are additional contributory factors that add to the uncertainty of measurement and 
initiate interactions, however unwanted, into the randomized measurement process. The GRR ANOVA 
methods highlight these effects and add detail to the understanding of uncertainty that is beyond the 
scope of the BS5725 or GUM methods for assessing measurement uncertainty in the survey process.  

 

 

Table 1 : Components of variance table for RT measurement across the frequency range 100-3150Hz 
The contributions from the instrument, operator and part together with the operator by part 

interaction is summarised in Table 1 for ease of reference. 
More data from GRR experiments is desirable to investigate further  the uncertainties associated 

with the measurement of RT in field test situations and include other room types, constructions and 
room sizes. There is also the possibility to extend the frequency range of interest to include both higher 
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and lower frequency bands e.g. 50 Hz – 5KHz providing the instrumentation used, room size and its 
absorption areas allows these to be reliably measured. 
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Airborne sound transmission modeling of walls
based on random point process theory

Cédric VAN HOORICKX and Edwin P.B. REYNDERS

KU Leuven, Department of Civil Engineering, Belgium, cedric.vanhoorickx@kuleuven.be

Abstract
A novel approach is presented to compute the diffuse sound transmission through modally sparse walls. The
fact that the natural frequencies in the adjacent rooms can be considered to form a sequence of random points on
the frequency axis makes this problem amenable to analysis by random point process theory. The method makes
use of the fact that for any diffuse subsystem the local spacings between the eigenvalues saturate to those of a
Gaussian orthogonal ensemble (GOE) matrix and the statistics of its mode shapes saturate to Gaussian random
fields, with a spatial covariance function depending only on wavelength and distance. This stochastic modelling
approach is computationally very efficient and is illustrated for a calcium silicate block wall and a gypsum block
wall.

Keywords: Random point process theory, Airborne sound transmission, Diffuse field

1 INTRODUCTION
In a measurement setup, the airborne sound insulation of a partitioning wall is subject to many sources of

uncertainty. These are often difficult to quantify due to lack of information or model complexity. At high

frequencies, the sound pressure at a specific location in the room is sensitive to local variations of the acoustic

field properties caused by random wave scattering inside and at the boundaries of the source and receiver

room. Usually a diffuse field approach is considered, which is a random field, composed of a large number of

statistically independent plane waves with a uniformly distributed spatial phase.

When the local sound pressure in the room is highly sensitive to local variations of the acoustic field properties,

it can be modeled as a pure-tone diffuse reverberant field, as in Statistical Energy Analysis (SEA). In this

approach, the system is decomposed into homogeneous subsystems whose response is characterized with a

single random variable, namely its total energy. Next to the mean of the total sound energy over the random

ensemble of rooms, also the variance can be predicted [4], employing a non-parametric model of uncertainty.

In many applications, some of the subsystems of a built-up system are very sensitive to small wave scatterers,

while others are not. In this mid-frequency range, a hybrid method can be used combining deterministic and

stochastic energy based methods. This has been achieved in the hybrid FE-SEA approach [10], based on a

reciprocity relationship that links the mean vibrational energy of a non-parametric random SEA subsystem to

the variance of the nodal forces at its boundary.

This paper presents a novel approach to compute the airborne sound insulation of walls. The same assumptions

are made as for a hybrid FE-SEA approach, namely that (1) the wave field of each random subsystem across

the random ensemble can be assumed diffuse and (2) the mode shapes saturate to Gaussian fields. Instead of

directly computing the ensemble mean and variance of the total energy, the approach presented here uses a

Monte Carlo simulation, where every sample represents a realization of the diffuse subsystem. An advantage

of this procedure is that parametric uncertainty in the modally sparse subsystems can be easily included by

also varying the uncertain parameters in every Monte Carlo realization. This is useful in e.g. assessing the

reproducibility of a measurement procedure using a virtual round robin test [12]. The approach utilizes the

random point process theory, which relies on the assumption that the natural frequencies can be considered to

form a sequence of random points on the frequency axis. This assumption is only valid the natural frequencies

mix with respect to each other across the random ensemble of rooms, which is the case at high frequencies.
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2 PREDICTION MODEL FOR AIRBORNE SOUND INSULATION
The problem considered in this paper is the airborne sound transmission through a modally sparse wall in

between two diffuse rooms. Quantities related to the source room are indicated with subscript 1, quantities

related to the wall with subscript 2, and quantities related to the receiver room with subscript 3.

2.1 System of equations
The transmission loss is computed using the assumed-modes method, approximating the pressure fields of the

source room p1 and reveiver room p3 and the vibration field of the wall u2 into a finite set of basis functions:

p1/3 ≈
n1/3

∑
i=1

φ1/3i(x,y,z)q1/3i(ω) = φφφ 1/3q1/3 u2 ≈
n2

∑
j=1

φ2 j(y,z)q2 j(ω) = φφφ 2q2 (1)

Inserting these approximations into Lagrange’s equations of motion and adopting a hysteretic damping model

yields the following linear system of equations:⎡
⎣ D11 K12 000

K21 D22 K23

0 K32 D33

⎤
⎦
⎧⎨
⎩

q1

q2

q3

⎫⎬
⎭=

⎧⎨
⎩

f1

0
0

⎫⎬
⎭ (2)

where

Dkk =−ω2Ik +ΩΩΩ2
k(1+ iηk) (3)

with i the imaginary unit and ΩΩΩk the diagonal matrix containing the circular undamped eigenfrequencies for

subsystem k corresponding to the mode shapes in φφφ k. The damping loss factors of the rooms are computed from

their reverberation times via η = 4.4π/(ωT ). A point monopole with volume acceleration ap(ω) is assumed,

located at (xp,yp,zp). Element i of the loading vector f1 then reads

f1i(ω) =−ρaap(ω)φ1i(xp,yp,zp) (4)

The matrices K12 and K32 are coupling matrices that represent the loading on the room due to the plate move-

ment, and K21 and K23 represent the loading on the plate due to the room pressure. The elements of the

coupling matrices are:

K21, ji =
∫ Ly2

0

∫ Lz2

0
φ1i(Lx1,y,z)φ2 j(y,z)dzdy K12,i j =−ρaω2K21, ji (5)

K23, jk =
∫ Ly2

0

∫ Lz2

0
φ3k(Lx1,y,z)φ2 j(y,z)dzdy K32,k j =−ρaω2K23, jk (6)

2.2 Computation of the sound reduction index
In order to efficiently solve equation (2), row reduction is performed on the block matrices to reduce the size

of the system of equations in equation (2). This yields:

Aq2 = b (7)

where the elements of the matrices A and b are given by:

Amn = D22,mn +ρω2
n1

∑
i=1

K21,miK21,ni

D11,ii
+ρω2

n3

∑
k=1

K23,mkK23,nk

D33,kk
bm =−

n1

∑
i=1

K21,mi f1i

D11,ii
(8)
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The energy in the source and receiver room can then be computed as:

E1 =
1

ρa

n1

∑
i=1

∣∣∣∣∣ f1i −
n2

∑
j=1

K12,i jq2 j

∣∣∣∣∣
2

|D11,ii|2
≈ 1

ρa

n1

∑
i=1

| f1i|2
|D11,ii|2

E3 = ρaω4
n3

∑
k=1

∣∣∣∣∣
n2

∑
j=1

K23, jkq2 j

∣∣∣∣∣
2

∣∣D33,kk
∣∣2 (9)

The sound reduction index R is finally computed with the measurement formula:

R = 10log10

(
E1

V1

)
−10log10

(
E3

V3

)
+10log10

(
S2

A3

)
(10)

in which V1 and V3 are the volume of the source and receiver room, S2 is the surface area of the partition, and

A3 is the absorption of the receiver room.

3 SUBSYSTEM PROPERTIES
The computations require the natural frequencies and mode shapes of the subsystems to be computed. The

rooms are modeled as diffuse subsystems, the wall is assumed to be a deterministic subsystem.

3.1 Deterministic subsystem
If the wall can be modeled as a homogeneous, isotropic, thin plate, its natural frequencies are given by:

ω2 j =

√
D2

m′′
2

[(
m jyπ
Ly2

)2

+

(
m jzπ
Lz2

)2
]

(11)

with D2 the bending stiffness, m′′
2 the mass of the wall per unit area, Ly2 the width, and Lz2 the height of the

wall. The integers m jy and n jz represent the number of half wavelengths in the plate dimensions. The mode

shapes of the wall are calculated as follows:

φ2 j =
2√

m′′
2Ly2Lz2

sin

(
m jyπy

Ly2

)
sin

(
m jzπz

Lz2

)
= A2 sin

(
k2 jyy

)
sin
(
k2 jzz

)
(12)

3.2 Diffuse subsystems
The wave fields in the rooms are modeled as diffuse fields. Diffuse field models essentially describe rooms

with locally uncertain geometric properties, material properties, and/or boundary conditions, that is, rooms with

uncertain wave scatterers. The mode shapes of a room in high-frequency regime can be interpreted as standing

waves that arise from many traveling plane wave components. Adopting a diffuse acoustic field model, the

pressure mode shape at a given location consists of a summation of independent plane acoustic waves with

the same mean amplitude and uncorrelated phases, coming from all directions with equal probability. It then

follows from the central limit theorem that the acoustic mode shapes are zero-mean, Gaussian random fields. A

zero-mean Gaussian random field is uniquely determined by its covariance function.

For diffuse reflecting boundaries, the mode shapes φsi are statistically homogenous, i.e., the statistics of the

pressure mode shape components are independent of their position. The corresponding random wave field is a

diffuse field. For three-dimensional volumes, its covariance function then has the form [1]:

Csi
(
x,x′
)
=

{
Asj0 (ksi|x−x′|) for 2 points inside the room, away from a deterministic boundary

2Asj0 (ksi|x−x′|) for 2 points on a reflecting boundary, away from joints and corners
(13)

where j0(x) = sin(x)/x is the spherical Bessel function of the first kind and order zero, ksi := 2π
λsi

denotes the

wavenumber corresponding to the wavelength λsi of mode i for subsystem s, and As is a factor that is inde-

pendent of position, which can be determined from the mode shape normalization condition. In an acoustic
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enclosure Ω with volume Vs, the normalization condition reads:

∫
Ω

1

c2
φ 2

si(x)dx = 1 ⇔ As =
c2

Vs
. (14)

The correlation function (13) depends only on the distance between the considered mode shape components,

the wavelength and the total volume. Close to perfectly reflecting boundaries, the mean squared sound pressure

equals twice the mean squared sound pressure in the center of the room [13]. Because of this, a factor two

appears in the covariance function (13) for points located on the reflecting structural element. In addition, when

the distance between x and x′ is large compared to the wavelength λsi, it follows from the above expressions

that the mode shapes evaluated at these distinct points are approximately uncorrelated.

3.3 Computation of the coupling matrices
Instead of numerically evaluating the integrals in equations (5) and (6), the statistics of the coupling matrices

are computed directly. When integrating a Gaussian field, it is the limit of a linear combination of Gaussian

random variables so it is again Gaussian. The entries of the coupling matrix are therefore Gaussian variables

and are determined by their mean and variance. As the mean of the mode shapes in the rooms equals zero,

also the mean of the coupling matrices equals zero. The variance of K21,kl is computed as follows:

Var
(
K21, ji

)
=
∫∫∫∫

E
[
φ1i(Lx1,y,z)φ1i(Lx1,y′,z′)

]
φ2 j(y,z)φ2 j(y′,z′)dz′dzdy′dy (15)

The term E [φ1i(Lx1,y,z)φ1i(Lx1,y′,z′)] is the covariance function for two points on a reflecting boundary (equa-

tion (13)), and this integral becomes:

Var
(
K21, ji

)
= 2A1A2

2

∫∫∫∫
j0
(
k1i|x−x′|)sin

(
k2 jyy

)
sin
(
k2 jyy′

)
sin
(
k2 jzz

)
sin
(
k2 jzz′

)
dz′dzdy′dy (16)

where the integrals go from 0 to Ly2 for the ones in y and y′ and from 0 to Lz2 for the ones in z and z′. The

distance function in the spherical Bessel function is given by |x− x′| =
√
(y− y′)2 +(z− z′)2. The quadruple

integral can be converted into the following double integral:

Var
(
K21, ji

)
= 2A1A2

2L2
y2L2

z2

1∫
0

1∫
0

j0

(
a1iy
√

u2 + γ2v2
)

h
(
a2 jy,u

)
h
(
a2 jz,v

)
dvdu (17)

with a1iy = k1iLy2, γ = Lz2/Ly2, a2 jy = k2 jyLy2, a2 jy = k2 jzLz2, and:

h(a,u) = (1−u)cos(au)− cos(a)
a

sin(a(1−u)) (18)

The integral in equation (17) is evaluated numerically. The mean and variance of K23, jk is computed in the

same way.

4 RANDOM POINT PROCESS THEORY
4.1 Introduction
Note that for obtaining the energies in the rooms, sums are needed over expressions with D11,kk or D33,kk in the

denominator, i.e. in Eqs. (8) and (9). At high frequencies, the computation cost of the sound reduction index is

dominated by these sums. The natural frequencies can be considered to form a sequence of random points on

the frequency axis, and thus the problem is amenable to analysis by random point process theory [11]. Strictly,

the natural frequency point process is assumed to be stationary, which is only the case if the modal density of

1195



the subsystems is constant, and this is not true in this case. On the other hand, only a limited number of modes

significantly contribute at any considered frequency. As the modal density is approximately constant over the

frequency range corresponding to these modes, it is reasonable to assume that the point process is stationary.

A distinction is made between type 1 and type 2 sums, with type 1 referring to the sums in Eq. (8) and type

2 referring to the ones in Eq. (9). The terms of these sums have D11,kk or D33,kk in the denominator. From the

definition of the matrices D11,kk and D33,kk, the type 1 sums S1(ω) and type 2 sums S2(ω) can be expressed

as:

S1(ω) = ∑
k

ck

−ω2 +ω2
k (1+ iη)

S2(ω) = ∑
k

ck∣∣−ω2 +ω2
k (1+ iη)

∣∣2 = ∑
k

ck

(ω2
k −ω2)2 +η2ω4

k
(19)

Unless ck is much smaller at ω ≈ ωk than at other frequencies, it follows that the modes mainly contributing to

the summations are the ones in the vicinity of the considered frequency. These sums can also be written as:

S1(ω) =

∞∫
−∞

h1(ω,ω ′)ξ (ω ′)dω ′ S2(ω) =

∞∫
−∞

h2(ω,ω ′)ξ (ω ′)dω ′ (20)

where

ξ (ω ′) = ∑
k

ckδ (ω ′ −ωk) (21)

h1(ω,ω ′) =
1

−ω2 +ω ′2(1+ iη)
≈ 1

2ω
ω ′ −ω − iωη/2

(ω ′ −ω)2 +(ηω/2)2
(22)

h2(ω,ω ′) =
1

(ω ′2 −ω2)2 +η2ω ′4 ≈ 1

4ω2

1

(ω ′ −ω)2 +(ηω/2)2
(23)

in which the approximations are commonly used [3, 5].

Random point process theory now allows computing the statistics of these sums. These are separately discussed

for the two sum types in the next to subsections.

4.2 Statistics of type 1 sums
Weaver [14] found that, for the generic case where the considered spatial uncertainty does not preserve sym-

metries, the statistics of the local eigenvalue spacings saturate to those of the Gaussian Orthogonal Ensemble

(GOE) matrix from random matrix theory [7]. It can be shown that the GOE assumption leads to the following

statistics (more precisely the ensemble mean and variance) of the type 1 sum S1(ω) as defined in (20) [5]:

E [S1(ω)] =− iE [ck]πn
2ω

Var(Re{S1(ω)}) = Var(Im{S1(ω)}) = πn
4ω3η

E [ck]
2

(
α −1+

1

πm

)
(24)

where n is the modal density, m = ωηn the modal overlap factor and α = E
[
c2

k

]
/E [ck]

2.

As for diffuse subsystems, these sums are performed over many modes, it is assumed, according to the central

limit theory, that the real and imaginary part of the sums have a Gaussian distribution. This is for example

consistent with the assumption of Schroeder [9] that transfer functions written in the form of a modal sum,

which are closely related to the type 1 sums1, are approximately complex Gaussian. A realization of a type 1

sum is therefore obtained from:

S1(ω) =− iE [ck]πn
2ω

+(ξR + iξI)

√
πn

4ω3η
E [ck]

2

(
α −1+

1

πm

)
(25)

1The similarity between the type 1 sums and the transfer function in modal form can be easily seen by comparing Eq. (19) and the transfer

function expression e.g. in [5]: the denominator of the sum terms is the same, the numerator consists of the product of two zero-mean Gaussian

factors
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with ξR and ξI realizations of normally distributed random numbers with mean 0 and standard deviation 1.

The only terms still to be determined are the mean and mean of the square of the factors ck for the sums in (8).

These are calculated from basic probability rules:

E [K21,miK21,ni] = σ2
K21,m

(ω)δmn E
[
(K21,miK21,ni)

2
]
= (2δmn +1)σ2

K21,m
(ω)σ2

K21,n
(ω) (26)

E [K21,mi f1i] = 0 E
[
(K21,mi f1i)

2
]
= σ2

K21,m
(ω)σ2

f1i
=

ρ2c2

V1
σ2

K21,m
(ω) (27)

in which σ2
K21,m

(ω) = Var
(

K21,mi

(
k1i =

ω
c

))
.

4.3 Statistics of type 2 sums
The mean and variance of type 2 sums equal [2, 3]:

E [S2(ω)] =
E [ck]πn
2ηω3

Var(S2(ω)) = E [S2(ω)]2
(

α −1

πm
+

1

(πm)2

)
(28)

The type 2 sums appear in Eq. (9), which represent the total energies in the source and receiver room. As the

total energy of a subsystem is empirically found to follow a log-normal distribution [6], also the sums appearing

in Eq. (9) are assumed to have a log-normal distribution. A realization of a type 2 sum is therefore obtained

as follows. First the mean μ2 and standard deviation σ2 of the natural logarithm are computed:

μ2(ω) = ln

⎛
⎜⎜⎜⎜⎝

E [S2(ω)]√
1+

Var(S2(ω))

E [S2(ω)]2

⎞
⎟⎟⎟⎟⎠ σ2

2 (ω) = ln

(
1+

Var(S2(ω))

E [S2(ω)]2

)
(29)

after which a realization is obtained from

S2(ω) = exp(μ2(ω)+ξ σ2(ω)) (30)

with ξ a realization of a normally distributed random number with mean 0 and standard deviation 1.

For the sums in Eq. (9), the mean and mean of square of the factors ck are given by:

E
[
| f1i|2

]
= σ2

f1i
E
[
ξ 2

1i
]
=

ρ2c2

V1
E
[
| f1i|4

]
= σ4

f1i
E
[
ξ 4

1i
]
= 3

ρ4c4

V 2
1

(31)

E

⎡
⎣
∣∣∣∣∣

n2

∑
j=1

K23, jkq2 j

∣∣∣∣∣
2
⎤
⎦=

n2

∑
j=1

σ2
K23, j

(ω)
∣∣q2 j
∣∣2

E

⎡
⎣
∣∣∣∣∣

n2

∑
j=1

K23, jkq2 j

∣∣∣∣∣
4
⎤
⎦=

(
∑

j

∣∣q2 j
∣∣2 σ2

K23, j
(ω)

)2

+2∑
i

∑
j

Re
{

q2iq
∗
2 j
}2 σ2

K23,i
(ω)σ2

K23, j
(ω) (32)

In summary, the ensemble probability distribution of the sound reduction index R is obtained as follows. A

Monte Carlo simulation is performed in which each sample represents a realization of the system. In each

sample, realizations of the sums in Eq. (8) are computed using Eq. (25), after which the system of equations in

Eq. (7) is solved to obtain the vibration field of the wall q2. The energies in the source and receiver room are

then computed from Eq. (9), in which realizations of the sums are computed from Eq. (30). Finally, the sound

reduction index is computed with the measurement formula in Eq. (10).
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5 APPLICATIONS
In this section, the proposed method is applied to compute the airborne sound insulation of a calcium silicate

block wall and a gypsum block wall. A total of 1000 Monte Carlo realizations are computed. The approach

from this paper is compared with two other approaches: a deterministic model, where the sound field in the

emitting and receiver rooms are expanded as a sum of their hard-walled modes, and the hybrid FE-SEA ap-

proach as presented in [8]. In all computations, the source and receiver rooms have a volume of 87m3 and a

reverberation time of 1.5s. The wall size is 3×3.3m2.

First, a heavy single-leaf wall is studied. The wall has a thickness of 25cm and consists of calcium silicate

blocks with mass density ρ = 1800kg/m3, Young’s modulus E = 10.8GPa, and Poisson’s ratio ν = 0.2. The

mean of the predicted sound transmission loss and the corresponding 95% confidence interval are shown in

Fig. 1a. The dips in the insertion loss correspond to the individual wall modes, indicating that, especially at

low frequencies, the modal density of the wall is generally low (n = 0.0274modes/Hz). The critical frequency

of the wall is at 102.5Hz, yet no clear coincidence dip is observed because of the low modal density. Above the

critical frequency, the transmission loss increases with approximately 9dB per octave. The presented approach

corresponds almost perfectly corresponds with the hybrid FE-SEA approach.

(a)
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Figure 1. Mean and 95% interval of the sound reduction index for (a) the calcium silicate wall and (b) the

gypsum block wall computed using three approaches: deterministic approach (blue dash-dotted line), hybrid

FE-SEA approach (red solid line), and the approach presented in this paper (black dashed line).

The second example is a lightweight single-leaf wall with a thickness of 10cm. It consists of gypsum blocks

with mass density ρ = 910kg/m3, Young’s modulus E = 3.15GPa, and Poisson’s ratio ν = 0.2. The mean of

the predicted sound transmission loss and the corresponding 95% confidence interval are shown in Fig. 1b. In

contrast to the heavy wall from the previous section, no clear dips are observed in the harmonic transmission

loss statistics, as the modal density is higher (n = 0.0899modes/Hz). A clear coincidence dip is observed

around the critical frequency of 334.2Hz, behind which the transmission loss increases with approximately 9dB

per octave. Also for this case, a good correspondence with the hybrid FE-SEA approach is obtained, especially

at high frequencies.

6 CONCLUSIONS
In this paper, a novel approach is presented to compute the airborne sound transmission through a wall located

between two diffuse rooms. The approach is therefore a hybrid approach, coupling the deterministic structural

subsystem with the random acoustic subsystems. The computation of the airborne sound transmission is per-

formed through a Monte Carlo simulation, in which each sample corresponds to a realization of the random

ensemble. The natural frequencies in the diffuse rooms are considered to form a sequence of random points
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on the frequency axis, which makes this problem amenable to analysis by random point process theory. The

approach furthermore uses the fact that for any diffuse subsystem the mode shapes saturate to Gaussian random

fields, with a covariance function depending only on wavelength and distance. Two applications are presented,

a calcium silicate block wall and a gypsum block wall. For both applications, the presented approach shows

good correspondence with the hybrid FE-SEA approach.
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Abstract
The diffuse sound transmission through a complex finite-sized wall or floor can be efficiently computed with
a hybrid approach. The wall is then modelled deterministically as finite size effects and modal behaviour can
be important in this frequency range, while the rooms carry a diffuse field and are modelled as stochastic
subsystems. The finite element method is usually employed to compute the modal behaviour of the wall. At
higher frequencies, the computational cost then increases significantly as a finer mesh is required due to the
shorter wavelength of structural deformation. For this reason, an alternative approach was recently developed,
which allows to replace the finite element model by an analytical model for finite-sized thick and layered walls.
However, the application of this approach is limited to layered structures such as sandwich panels or double
glazing. In the present work, the elaboration towards more complicated building elements which exhibit spatial
periodicity, will be considered by invoking periodic structure theory. As a first validation example, a steel panel
is considered, in which the predictions are compared to other numerical and experimental data.

Keywords: sound transmission loss, periodic, hybrid

1 INTRODUCTION
Lightweight systems are more frequently used in buildings to achieve a high thermal performance and to save

material and transportation costs. Because of their relatively low weight and complex vibro-acoustic behaviour,

achieving a sufficient level of sound insulation with such systems is, however, challenging. The goal in this

work is to create an accurate sound transmission loss prediction method, which is efficient enough to be used

as a design tool and can replace the need of excessive experimental prototype testing.

The framework of the hybrid finite element-statistical energy analysis (FE-SEA) approach [1, 2, 3] serves as a

starting point in this article. Using the diffuse field reciprocity relationship [4, 5], the hybrid framework allows

modelling the rooms of the overall room-wall-room system as stochastic subsystems (like in statistical energy

analysis, SEA), while treating the wall in a deterministic way with finite element (FE) analysis. A diffuse field

model is by definition a stochastic model. The uncertainty of the sound transmission loss concerning the diffuse

field assumption in the SEA subsystems can be assessed [3]. This allows computing the mean of the sound

transmission loss as well as its variance. Note that the computation time of the FE-SEA method will increase

at higher frequencies as a finer mesh is needed to capture the small wavelength deformations of the structure.

To overcome this limitation, two alternative approaches were already explored. First, the finite element analysis

could be replaced with a semi-analytical transfer matrix method (TMM) [6, 7, 8], which allows to predict the

behaviour of infinite walls and floors, consisting of homogeneous solid, fluid and/or poroelastic layers. By

projecting the wall displacements onto a set of sinusoidal lateral basis functions [9, 10], the modal behaviour

of the structure is approximately taken into account. This recently developed approximate modal TMM-SEA

approach (mTMM-SEA) is however limited to layered systems [11].

Secondly, a hybridization between periodic finite element modelling (peFE) and statistical energy analysis was

achieved in [12]. The periodic lay out of most building elements could therefore be exploited. The latter

peFE-SEA approach has two challenges that must be tackled: (1) modal behaviour, which influences the sound
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Figure 1. A room-wall-room system, in which the wall is modelled in a deterministic way while the rooms are

modelled as SEA subsystems.

transmission loss in the considered frequency range (50-3150 Hz), is disregarded; (2) computing the sound

transmission loss results in an integration over each phase constant surface in the phase lag domain and is

thus computationally inefficient. The two problems are solved by discretizing the phase domain into the phase

combinations causing standing waves in the structure. Ideas in this direction were already mentioned in [12].

Whereas the authors in [12] focus mainly on Born-von Kármán boundary conditions, the wall or floor in the

present work is assumed to have simply supported boundary conditions, because modal testing has revealed that

simply supported boundary conditions occur in the small transmission opening of the KU Leuven Laboratory

of Acoustics [13]. Contributions of the present work include also a theoretical expansion of the method with

special attention to implementation issues and a detailed validation example.

The remainder of this article is organized as follows. The theory is summarized in section 2. Section 2.1 intro-

duces the hybrid deterministic-SEA approach to sound transmission modelling in general. Section 2.2 elaborates

periodic structure theory with emphasis on obtaining the necessary dynamic stiffness matrices. In section 3 the

method is validated for a steel plate by comparing the predicted sound transmission loss with other prediction

tools and with experimental data. The conclusions are to be found in section 4.

2 A HYBRID MODAL BASED PERIODIC FINITE ELEMENT-SEA APPROACH
2.1 The hybrid framework
Throughout this article, a room-wall-room system is considered, where the rooms carry a diffuse wave field

and the wall a deterministic wave field (cfr. Fig. 1). The out-of-plane displacement uz of the partition wall at

position x = (x,y) and at frequency ω is decomposed using a finite set of Ndof global basis functions ϕ̂ϕϕ and

corresponding generalized coordinates a:

uz(x,ω)≈
Ndof

∑
p=1

ϕ̂ϕϕ p(x)ap(ω) (1)

All generalized response degrees of freedom (DOFs) are collected in the vector a(ω) ∈ C
Ndof , so that the time-

domain response is given by Re(aeiωt), with i the imaginary unit. Similarly, the corresponding generalized

harmonic loads are collected in the load amplitude vector f(ω) ∈ C
Ndof . Since a contains all (generalized)

interface degrees of freedom between the wall and the rooms, the equations of motion of the whole system

(room-wall-room) can be written as

Da = f, (2)

with D ∈ C
Ndof×Ndof the dynamic stiffness matrix at frequency ω . D may be decomposed into the dynamic

stiffness matrix of the wall, denoted as Dd (subscript d stands for deterministic), and the dynamic stiffness
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matrices of the rooms, denoted as D1 and D2:

D = Dd +D1 +D2 (3)

Since the rooms are assumed to carry a diffuse field in this work, they are modelled as random subsystems in

the overall room-wall-room system. The dynamic stiffness matrix of each acoustic room volume k is decom-

posed as

Dk = D(k)
dir +D(k)

rev, k = 1,2 (4)

where D(k)
dir denotes the mean of the subsystem’s dynamic stiffness matrix D(k)

dir := E [Dk]. This term describes the

response of subsystem k to the outgoing wave field caused by the displacements of the deterministic boundary

[4, 14]. Boundaries and objects in the room induce however random wave scattering. The influence of this

reverberant field on subsystem k is captured by D(k)
rev. With this decomposition, the equations of motion for a

random subsystem are

D(k)
dir a =−fk − f(k)rev, (5)

where the reverberant forces are defined as f(k)rev := −D(k)
reva, and fk denotes the sum of the loads applied to

subsystem k at its DOFs. The overall equations of motion (2) become

Dtotq = f− f(1)rev − f(2)rev, (6)

where Dtot := Dd +∑2
k=1 D(k)

dir is a purely deterministic matrix. When a diffuse field acts in both rooms, the

reverberant forces f(k)rev are related to D(k)
dir through the diffuse field reciprocity relationship [4]:

E[f(k)revf(s)rev] = δks
4Êk

ωπnk
Im

(
D(k)

dir

)
, (7)

with nk the modal density of subsystem k [15] and δks the Kronecker delta. Note that the hat symbol is

employed here as shorthand notation for ensemble mean. Using this equation, it is possible to obtain the mean

time-averaged total energy Êk of room k from a stationary power balance which involves the other random

subsystems as well as the deterministic master system, assuming the fields are statistically independent of each

other. For the case where the external loading acts solely on the random subsystems (rooms), the power balance

is formulated as [1]:

ω
(
ηk + η̂d,k

)
Êk +

2

∑
j=1

ωη̂k jnk

(
Êk

nk
− Ê j

n j

)
= P̂k, k = 1,2. (8)

In this expression, ηk is the damping loss factor of subsystem k, Pk the power input from external loading

injected directly into the diffuse field of this subsystem, and

η̂d,k =
2

ωπnk
∑
r,s

Im(Dd,rs)
(

D−1
tot Im

(
D(k)

dir

)
D−H

tot

)
rs

(9)

η̂k j =
2

ωπnk
∑
r,s

Im
(

D(k)
dir,rs

)(
D−1

tot Im
(

D( j)
dir

)
D−H

tot

)
rs

(10)

where the superscript H denotes Hermitian transpose and the integer subscripts r,s select an element in row

r and column s of a matrix. When the sound insulation provided by the wall is sufficiently high, P̂k can be

approximated as the ensemble mean of the power input into a hard-walled room. It can be noted that the power

balance equation (8) has formally the same structure as in conventional SEA. Therefore the factors η̂k j can

be interpreted as coupling loss factors, and (10) provides a rigorous way to compute their ensemble mean. In
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a similar manner, (9) enables to rigorously estimate the power that is lost by energy dissipation in the wall.

By solving for the mean coupling loss factor η̂12 between the two subsystems, the mean sound transmission

coefficient τ̂12 can be obtained from [15]

τ̂12 = η̂12
4ωV1

caS
, (11)

with S the surface area of the wall, V1 the volume of the sending room, and ca the speed of sound. Note that

the dynamic stiffness matrices are diagonal when cross modal coupling is neglected, in which case equation

(11) can be rewritten as:

τ̂12 =
16π
Sk2

a

[
∑
p

Im{D(2)
dir,p}Im{D(1)

dir,p}
|Dtot,p|2

]
(12)

where ka is the acoustic wavenumber.

Figure 2. Indication of the edge and corner degrees of freedom of a periodic unit cell. The red arrows show

the path of a travelling wave, reflected at the edges. Combination of these four waves result in a standing wave.

2.2 Determining Dd and Ddir using periodic structure theory
If a two-dimensional periodic structure with dimensions Lx×Ly is considered, it is possible to extract a periodic

unit cell which is repeated Nx and Ny times within the structure in respectively the x- and y-direction. A finite

element model of such a unit cell with dimensions lx and ly is shown in figure 2 where the local coordinate

system is denoted by x′ = (x′,y′). The degrees of freedom q of the unit cell are reorganized into interior

(I=interior), edge (T=Top, B=Bottom, R=Right, L=Left) and corner DOFs (LB, RB, LT, RT). The dynamic

response of the unit cell is then investigated using Bloch’s theorem, in which periodic boundary conditions are

imposed onto the edge and corner DOFs [16, 17, 18, 19, 20]. Defining the phase lag combination (εxp, εyq),
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the relations between the boundary DOFs can be written in matrix format:

q =

⎡
⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣

qI

qB

qT

qL

qR

qLB

qRB

qLT

qRT

⎤
⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎦

=

⎡
⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣

I 0 0 0
0 I 0 0
0 Ie−iεyq 0 0
0 0 I 0
0 0 Ie−iεxp 0
0 0 0 I
0 0 0 Ie−iεxp

0 0 0 Ie−iεyq

0 0 0 Ie−iεxp−iεyq

⎤
⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎦

⎡
⎢⎢⎣

qI

qB

qL

qLB

⎤
⎥⎥⎦= Rq′ (13)

with q′ = [qT
I qT

B qT
L qT

LB]
T the reduced DOFs. This reduction is then applied to the equations of motion of the

unit cell as well, so that the following reduced eigenvalue problem is obtained:

[K′ −ω2M′]q′ = 0 (14)

where K′ = RH(εxp,εyq)KR(εxp,εyq) and M′ = RH(εxp,εyq)MR(εxp,εyq) are respectively the reduced mass and

stiffness matrix of the periodic unit cell. As modal behaviour is investigated, only phase constants that allow

standing waves in the structure need to be considered. For a mode of the system, the summation of the phase

constants of a back and forward travelling wave in the global structure adds up to a multiplication of 2π , so

that [22]:

εxp = pπ/Nx (p = 0, . . . ,Nx) and εyq = qπ/Ny, (q = 0, . . . ,Ny)

For each phase constant combination (εxp,εyq), the eigenvalue problem in equation (14) is solved for a number

of possible corresponding eigenfrequencies Ωpq,n and corresponding eigenvectors ϕϕϕ pq,n(x′) as multiple waves

can propagate under an imposed periodic boundary condition. Note that the mode shapes of the unit cell

are mass normalized: ϕϕϕH
pq,nM′ϕϕϕ pq,n = 1. Post-processing the results includes (1) selecting only the normal

displacements; (2) converting standing waves into travelling waves at the edges and corners of the phase domain.

This is necessary to guarantee the correct use of the proposed general method, which accounts for a two-

dimensional travelling wave; (3) eliminating waves with zero wavenumber in x- or y- direction as they do not

add up to a standing wave in one direction and (4) eliminating the phase shift of the travelling waves to ensure

zero displacements at the boundary of the global structure. The obtained dynamic properties of the unit cell are

now used to determine the direct field response of the subsystems and the deterministic response of the wall,

which in their turn will be inserted into the hybrid framework.

First, the direct field dynamic stiffness matrix Ddir,pq,n of standing wave pq,n is determined as follows:

Ddir,pq,n(ω) =
1

4π2

∫ ∞

−∞

∫ ∞

−∞
G∗(ω,k,z = 0)|ψψψ pq,n(k)|2dk, (15)

in which G(ω,k,z = 0) = iω2ρa√
k2

a−||k2|| is the Green’s function with ρa the density of air. To avoid singular-

ity at coincidence, a Green’s function averaged in the wavenumber domain was used [21]. Assuming sim-

ply supported boundary conditions, the displacement field ψψψ pq,n(x) consists of four travelling waves with the

same eigenfrequency as illustrated in figure 2: ϕ̂ϕϕ pq,n(x), ϕ̂ϕϕ(−p)q,n(x), ϕ̂ϕϕ p(−q),n(x) and ϕ̂ϕϕ(−p)(−q),n(x). Because

ϕ̂ϕϕ(−p)(−q),n = ϕ̂ϕϕ∗
pq,n and ϕ̂ϕϕ(−p)q,n = ϕ̂ϕϕ∗

p(−q),n with ∗ indicating the complex conjugate, the standing wave in the

wavenumber domain k = (kx,ky) is found by:

ψψψ pq,n(k) = ϕ̂ϕϕ pq,n(k)+ ϕ̂ϕϕ∗
pq,n(−k)− ϕ̂ϕϕ p(−q),n(k)− ϕ̂ϕϕ∗

p(−q),n(−k) (16)

The travelling wave of the total structure ϕ̂ϕϕ pq,n(k) is derived from the obtained eigenvectors of the unit cell

ϕϕϕ pq,n(k) using the following relation [12]:

ϕ̂ϕϕ pq,n(k) = ϕϕϕ pq,n(k)
(

1− e−iNx(εx−kxlx)

1− e−i(εx−kxlx)

)
·
(

1− e−iNy(εy−kyly)

1− e−i(εy−kyly)

)
(17)
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Figure 3. Harmonic sound transmission loss of a steel plate (a) as predicted with the hybrid modal peFE-SEA

approach (black continuous line), the FTMM (blue dashed line), the hybrid mTMM-SEA method for which

cross modal coupling is neglected (red line), the hybrid mTMM-SEA with cross modal coupling (black dotted

line); and (b) as measured in the Acoustic Laboratory of the KU Leuven (blue continuous line).

ϕϕϕ pq,n(k) and ϕϕϕ p(−q),n(k) follow from a Fourier transform of ϕϕϕ pq,n(x′) and ϕϕϕ p(−q),n(x′). As ϕϕϕ p(−q),n(x′) can be

computed from ϕϕϕ pq,n(x′) by mirroring the displacement field around the x-axis, the eigenvalue problem for the

phase constant combination (p,q) only needs to be performed once. Note that the mesh in the x-domain needs

to be more refined for the computation of the direct field response than required for the FE analysis of the

periodic unit cell. Decoupling this so-called acoustic mesh and the FE mesh is therefore recommended.

Secondly, the deterministic dynamic stiffness matrix Dd,pq,n is determined by:

Dd,pq,n = 4NxNy

(
(1+ iη)Ω 2

pq,n −ω2
)

(18)

with η the loss factor of the structure.

3 VALIDATION EXAMPLE: STEEL PLATE
The modal peFE-SEA is applied to a thin, simply supported steel plate. The steel plate has a density ρ =

7750 kg

m3 , Young’s modulus E = 200GPa, Poisson’s ratio ν = 0.28 and dimensions 1.25m×1.50m×0.002m. The

experimentally determined damping loss factor of the mounted plate can be found in [11]. In the simulations,

the reverberation time T , the air density ρa and the sound speed ca in the rooms are taken to be 1.5s, 1.2 kg

m3

and 343 m
s , respectively. Specifically for the considered peFE-SEA method, the steel panel is divided into square

periodic unit cells with length 0.125 m. The finite element model of the periodic unit cell consists of 15

divisions in both directions. 8-nodes shell elements are used for the free wave propagation analysis. In order to

determine the direct field response with sufficient accuracy, the acoustic mesh has to be finer for standing waves

with higher natural frequencies. The spatial gridspacing is therefore gradually reduced from 3.1 to 1.6 mm for

increasing natural frequencies. Contrarily, the wavenumber domain should be meshed finer at lower frequencies

to capture the peak of the Green’s function and the gridspacing ranges from 0.1 to 1 rad/m over the frequency

range of interest.

Figure 3 (a) shows the narrow-band (1/48 octave bands) predictions of the modal peFE-SEA approach and

different alternative prediction tools, such as the TMM with a simplified spatial windowing technique (FTMM)

[23] and the hybrid mTMM-SEA approach with and without cross modal coupling [11]. The FTMM only takes
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diffraction effects into account, while the other approaches also include modal behaviour. Clearly, the modal

behaviour of the steel panel affects the sound transmission loss up to about 500 Hz as the FTMM prediction

coincides with the other methods from that frequency onwards. When comparing the modal peFE-SEA approach

with the mTMM-SEA method, a good agreement is found when cross modal coupling is neglected in the

mTMM-SEA method as well. The shift (less than 1 dB) between both methods is due to the acoustic mesh

refinement in both methods and adopting a finer acoustic mesh would reduce the discrepancy. Comparison

with the mTMM-SEA, that accounts for cross modal coupling, shows that the peaks at anti-resonances in the

peFE-SEA predictions do not occur, while the dips in the predicted sound transmission loss appear at the same

frequencies [11]. Figure 3 (b) compares the predictions with experimental data for which at lower frequencies

the modal behaviour of the rooms result in oscillations in the sound transmission loss. Above 250 Hz the

diffuse field assumption in the SEA subsystems is justified and there is an overall good agreement.

4 CONCLUSIONS
In this work, a hybridization between two-dimensional periodic finite element modelling and statistical energy

analysis has been investigated for simply supported structures. In order to decompose the displacements of the

structure into standing waves, the dynamic properties of the unit cell only need to be computed for a specific

number of imposed propagation constants. The resulting travelling waves are combined next into standing waves

to compute the direct field response, taking special care for zero displacements at the boundaries of the global

structure. As a validation example, the sound insulation predictions of a steel plate are compared with other

prediction tools and experimental data. The predicted sound transmission loss of the steel plate are in close

agreement with the measured sound insulation.
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Abstract
Lightweight plates typically have a low sound reduction index (SRI) due to their low mass. Their SRI can be
increased by roughly 6 dB by doubling the thickness of the plate. The distribution of additional material in a
non-uniform way may result in a higher increase in SRI. A good material distribution strategy is therefore needed
to reduce the transmitted sound in a certain frequency range. In this paper, the optimal material distribution at
a single frequency and in a frequency band for a simple system was considered: a simply supported plate. The
SRI is modelled within the hybrid Finite Element-Statistical Energy Analysis (FE-SEA) framework to reduce
computational cost while maintaining a high prediction accuracy. The thicknesses of the elements comprising
the plate are used as optimization variables. The sensitivity of the SRI to the element thicknesses is derived
explicitly because a gradient based optimization algorithm is used. It is observed that the optimization algorithm
increases the SRI by shifting the eigenfrequencies of the plate and creating stop bands by locally adding mass
that disturbed the mode shapes. In the case of a PMMA-plate, an increase up to 32.1 dB in the SRI is achieved
for the single frequency case and up to 29.90 for the frequency band case compared to 6 dB for the uniform
material distribution.

Keywords: topology optimization, airborne sound insulation, optimal material distribution, simply sup-
ported plate, PMMA plate

1 INTRODUCTION
Lightweight plates typically have a low sound reduction index (SRI) due to their low mass. Following the mass

law, an increase of 6 dB can be obtained by doubling the mass of the plate for infinitely large plates under the

coincidence frequency. By distributing this added mass onto the plate in a non-uniform way, a higher increase

in SRI can be attained.

Up until recently, the prediction of the airborne sound insulation of a simply supported plate had been either

too inaccurate or computationally too expensive to allow for numerical design optimization. To model the sound

insulation of the plates, the hybrid FE-SEA modelling framework [1, 2] is used. The transmission rooms are

modelled to carry a diffuse sound field and are coupled to a finite element model of the plate to reduce the

computational cost while retaining a high prediction accuracy.

In this paper, the optimal material distribution for a maximal sound insulation is considered. The sound insu-

lation at a single frequency or the minimum of the sound insulation in a certain frequency band are used as

objective functions. A volume constraint is used to limit the total material used. The optimization problem is

solved using the standard Optimality Criteria method [3].

The rest of this paper is structured as follows: in Section 2 the prediction of the transmission loss of a simply

supported plate is elaborated. The optimization problem is formulated in Section 3. The results of the opti-

mization are shown in Section 4 and discussed in Section 5. Some conclusions and final remarks are given in

Section 6.
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2 Transmission loss prediction
The plate is modelled deterministically to capture its vibration behavior in full detail while the sound fields in

the sending and receiving rooms are modelled as diffuse. The hybrid FE-SEA modelling framework [1, 2] is

used to rigorously couple the diffuse sound fields in the transmission rooms to the deterministic wall model by

employing the diffuse field reciprocity relationship [4]. In what follows, the deterministic model of the wall

system is explained first. Subsequently, the interaction between the wall and the sound fields in the adjoining

rooms is described.

2.1 Plate model
The plate is a polymethyl methacrylate (PMMA) panel with density ρ = 1275 kg/m3, modulus of elasticity

E = 4.5 GPa, Poisson’s ratio v = 0.35, a minimal thickness of 15 mm and dimensions 1x1 m2. In the present

work, the plate is modeled numerically, using the finite element method [5]. As the plate thickness is small

compared to its lateral dimensions, it can be adequately modelled with structural shell elements. The partic-

ular element type that is employed here is a four node DKT element with six degrees of freedom – three

displacements and three rotations – at each node. Simply supported boundary conditions are assumed.

The model is then employed for computing the natural frequencies and mass-normalized displacement mode

shapes of the simply supported plate. These numerically computed mode shapes are taken to be basis functions

for the computation of the transmission loss. The corresponding generalized coordinates are then the modal

amplitudes of the plate. The equation of motion of the plate therefore reads

Dplqpl = f̃pl, (1)

where Dpl is a diagonal matrix with entries

Dpl,kk =−ω2 +ω2
pl,k(1+ iηpl,k), (2)

with ωpl,k the numerically computed angular natural frequency of mode k the plate, with corresponding mode

shape φ pl,k, and ηpl,k the corresponding structural damping loss factor.

2.2 Transmission room model
Within the hybrid DET-SEA framework, a transmission suite (room-wall-room) model has been developed by

Reynders et al. [2, 6, 7]. In this model, which is adopted also in the present work, the rooms are taken to

carry a diffuse field, while the wall is modeled deterministically. The hybrid model contains two diffuse (SEA)

subsystems - the sending and receiving rooms - and, in the context of a sound transmission analysis, the quantity

of interest is the so-called coupling loss factor, η12, between both rooms. Although the coupling loss factor is a

random quantity (because the sound fields in the rooms are random, diffuse fields), only its mean value will be

of interest in the present analysis as the intention is to predict the mean sound insulation of the wall across the

ensemble of random sound fields. The coupling loss factor relates directly to the sound transmission coefficient,

τ , which is defined as the ratio between the power flow from room 1 to room 2 through the wall, and the

incident sound power on the wall in room 1. The relationship at frequency ω reads [8]

τ =
4V1ω
LxLyc

η12, (3)

where V1 denotes the volume of the sending room, Lx and Ly are the width and the height of the wall and c

is the speed of sound in air. The sound insulation of the wall then immediately follows from

R := 10log
1

τ
= 10log

LxLyc

4V1ωη12
. (4)
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The mean value of the coupling loss factor is obtained from [1]

η12 =
2

πωn1
∑
r,s

Im
(
D′

dir2

)
rs

(
D−1

tot Im
(
D′

dir1

)
D−H

tot

)
rs (5)

where

Dtot := Dpl +D′
dir1 +D′

dir2. (6)

D′
dir1 and D′

dir2 are the direct field acoustic dynamic stiffness matrices expressed in terms of the generalized

wall coordinate vector qpl, and n1 is the modal density in the first transmission room.

The direct field response of a room is the sound field that would occur if the room would be of infinite extent,

in other words, if the room would behave as an acoustic half-space as seen from the room-wall interface when

that interface is embedded in an infinite planar baffle. The related acoustic dynamic stiffness matrix is then

termed the direct field dynamic stiffness matrix Ddir of the room. For room 1 for example, the direct field

dynamic stiffness matrix Ddir1 describes the relationship between the displacements and forces at the interface

with the plate:

D′
dir1q�1 = f̃dir1. (7)

where the components of f̃dir1 denote the forces acting on the (generalized) degrees of freedom of the plate q�1

due to the pressure field in the acoustic half-space.

3 Optimization methodology
The sound insulation of a plate, computed according to (4), is a property that depends on the frequency, the

plate setup and the rooms separated by the element. The airborne sound insulation is modelled in laboratory

conditions that comply with the ISO 10140-2:2010 standard [9]. This standard defines among others the volume

of the transmission rooms and the size of the plate section. In this paper the volume and measurement opening

of the KU Leuven Laboratory of Acoustics are considered.

3.1 Parametrization
In this paper, the plate thickness of a simply supported PMMA plate is optimized for an optimal airborne

sound insulation. The PMMA-plate is divided into shell elements using a square grid. The individual element

thicknesses, x, are used as design variables.

3.2 Optimization problem and constraints
The sound insulation can be evaluated at a single number frequency of in a frequency band. When the sound

insulation is evaluated in a frequency band either the sum of the individual sound insulations can be optimized

or the minimum sound insulation in the frequency band can be maximized. In this paper, the minimum sound

insulation is optimized in the case of a frequency band.

maxx min(R(x, f), f ∈ D)

s.t. ∑
i

xiAi ≤ 2Atottmin (8)

tmin ≤ xi ≤ 4tmin

with Atot the total surface area of the plate and D the frequency band of interest.

The sound insulation of the simply supported plate is optimized under a volume constraint. The minimal thick-

ness of the simply supported plate is tmin = 15mm and ensures there is always a minimum amount of material

between the transmission rooms. The total volume of the plate cannot exceed the volume of a plate with

homogeneous thickness 2tmin. The maximal thickness of the plate cannot exceed 4tmin, as shown in Eq. (8).
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Table 1. Comparison of the Sound Reduction Index (SRI) shows an increase up to 29.9 dB in the case of a

frequency band and 32.1 dB for a single frequency with respect to the reference plate.

Case Frequency (band) [Hz] Reference SRI [dB] Optimized SRI [dB]

1 53 0.00 32.12

2 134 16.03 45.90

3 210 33.28 45.67

4 50-100 0.00 29.90

5 100-150 15.90 34.05

6 50-300 0.00 17.35

The optimization problem is solved using the standard Optimality Criteria method [3]. As a starting point of

the optimization, a plate with a uniform thickness of 2tmin is used. The optimization is performed on a 21x21

grid.

In what follows, six setups are considered: the optimization of the sound insulation at a single frequency being

either the first, second or third eigenfrequency of the plate with a uniform thickness 2tmin, and the optimization

in a frequency band of 50-100 Hz, 100-150 Hz and 50-300 Hz.

3.3 Sensitivity analysis
By direct analytical derivation, it can be shown that, after some algebra, the sensitivity of the coupling loss

factor can be written as

∂η12

∂xi
=

4

πωn1

[
Re

(
∑
rs
(−D−T

tot ACT)rs

(
∂Dtot

∂xi

)
rs

)
+2Im

(
∑
rs
(ERe(C))rs

(
∂φ
∂xi

)
rs

)]
, (9)

with

A := Im
(
D′

dir2

)
, C := D−1

tot Im
(
D′

dir1

)
D−H

tot and E := Ddir2φ pl. (10)

with Ddir2 the direct field dynamic stiffness matrix in room 2 in terms of the physical degrees of freedom of

the plate.

The derivative of the total dynamic stiffness matrix can be elaborated as:

∂Dtot

∂xi
=

∂Dpl

∂xi
+

∂D′
dir1

∂xi
+

∂D′
dir2

∂xi
(11)

=
∂Dpl

∂xi
+2

∂φ T
pl

∂xi
Ddir1φpl +2φ T

plDdir1

∂φpl

∂xi
, (12)

with
∂Dpl,kk

∂xi
= 2ωpl,k(1+ iηpl,k)

∂ωpl,k

∂xi
. (13)

The gradients of the angular natural frequencies and mode shapes are computed according to [10].
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Figure 1. Thickness and sound insulation curve of of the plate optimized at a) 53, b) 132 Hz and c) 210 Hz.

The sound insulation of the optimized plate is shown in red and the sound insulation of the reference plate is

shown in blue. The frequency at which the optimization is performed is indicated with a dot.

4 Results
The sound insulation of the optimized plates is compared to a reference case where the plate has a uniform

thickness of 2tmin, which is the maximal mass that still satisfies the volume constraint. The sound insulation is

respectively given in blue for the reference case and in red for the optimized plates in Figs. 1-2.

5 Discussion
In the first case, the sound insulation is optimized at 53.5 Hz. This single frequency corresponds to the first

eigenfrequency of the plate in the reference case. The optimized shape, shown in Fig. 1.a, exhibits stiffening in

the corners and the middle of the plate. This increases the first eigenfrequency, resulting in a stiffness controlled

zone.

For the second case, the sound insulation is optimized at the second and third eigenfrequency of the reference

plate at 134 Hz in the reference case. The optimized shape, shown in Fig. 1.b, displays a single centralized

mass. This results in an antiresonance at 134 Hz.
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Figure 2. Thickness and sound insulation curve of of the plate optimized in a frequency band of a) 50-100 Hz,

b) 100-150 Hz and c) 50-300 Hz. The sound insulation of the optimized plate is shown in red and the sound

insulation of the reference plate is shown in blue. The frequencies at which the optimization is performed are

indicated with a dot.

In the third case, the sound insulation is optimized at the fourth eigenfrequency of the reference plate which

corresponds to the 2-2-mode in the reference case. The optimized shape, shown in Fig. 1.c. The eigenfrequency

of the 2-2-mode of the optimized plate is shifted from 210 to 174 Hz. This results in an antiresonance at

210 Hz.

In the fourth case, the sound insulation is optimized in the frequency range of 50-100 Hz which comprises only

the first mode in the reference case. The minimum of the sound insulation in this band is maximized. The

optimized shape, shown in Fig. 2.a, shows four regions where the material is arranged around a central part.

The two horizontal gaps between the bottom, three middle and top masses, and the two vertical gaps between

the left, three middle and right masses result in a low plate bending stiffness in both directions. This results in

a first eigenfrequency of 26.4 Hz. The second and third eigenfrequencies, at respectively 117.4 and 117.6 Hz,

stay relatively close to the original eigenfrequencies of the homogeneous plate and out of the frequency band

of interest. This results in a stop band between 27 and 117 Hz with a high sound insulation.

In the fifth case, the sound insulation is optimized in the frequency range of 100-150 Hz, comprising two

coincident modes in the reference case. The minimum of the sound insulation in this band is maximized. The

optimized shape, shown in Fig. 2.b, shows two regions of concentrated material and a central line. By shaping

the added material as ellipses, the eigenfrequencies of the 2-1- and 1-2-bending mode of the plate no longer

coincide since the bending stiffness in the two orthogonal directions is different. The large dip in the sound
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insulation at 132 Hz for the homogeneous plate, shown in Fig. 2.b, gets shifted to 170 Hz. This dip corresponds

to the 2-1-bending mode of the plate. The eigenfrequency of the 1-2-mode of the plate is shifted to 100 Hz.

This optimal shape also shows good results in the 50-100 Hz range since the first eigenfrequency is also shifted

to the low frequency range, though the sound insulation is lower than the optimal distribution of the first case.

In the sixth case, the sound insulation is optimized in the frequency range of 50-300 Hz, comprising six modes

in the reference case, of which two are coincident modes. The minimum of the sound insulation in this band

is maximized. The optimized shape, shown in Fig. 2.c, shows an irregular distribution of the material. The first

mode is shifted down out of the relevant frequency range. The eigenfrequencies of the 2-1- and 1-2-bending

mode of the plate no longer coincide since the bending stiffness in the two orthogonal directions is different.

This results in a dip in the sound insulation that is less shallow compared to the reference case. The irregular

pattern also disturbs the 2-2-bending mode resulting in only a small dip in the sound insulation at 153 Hz.

6 Conclusions
In this paper, the airborne sound insulation of a simply supported plate is maximized by optimizing the plate

thickness under a maximal material constraint. The sound insulation of the plate is modelled in the hybrid

FE-SEA framework to lower the computational cost while retaining a high accuracy.

By shaping the added material to either increase or decrease the plate bending stiffness in different ways to

shift modes or split up coinciding modes, the sound insulation is effectively maximized.The sound insulation

shows an increase up to 32.1 dB for the single frequency optimization and 29.9 dB for the frequency band

optimization.
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ABSTRACT
Recent investigations show that the normal incidence sound absorption in 3D-printed rigid porous materials is
eminently underestimated by numerical calculations using standard models. In this paper a universal amend-
ment to the existing mathematical description of thermal dispersion and fluid flow inside rigid foams is pro-
posed which takes account of the impact of the additive manufacturing technology on the acoustic properties
of produced samples. The porous material with a motionless skeleton is conceptually substituted by an equiv-
alent fluid with effective properties evaluated from the Johnson-Champoux-Allard-Pride-Lafarge model. The
required macroscopic transport parameters are computed from the microstructural solutions using the hybrid
approach. A cross-functional examination of the quality (shape consistency, representative surface roughness,
etc.) of two periodic specimens obtained from additive manufacturing processes is additionally performed in
order to link it to the results of the multiscale acoustic modelling. Based on this study, some of the transport pa-
rameters are changed depending on certain quantities reflecting the actual quality of a fabricated material. The
developed correction has a considerable influence on the predicted value of the sound absorption coefficient
such that the original discrepancies between experimental and numerical curves are significantly diminished.
Keywords: rigid porous material, additive manufacturing, sound absorption

1. INTRODUCTION
It is popularly known that porous materials are effective acoustic insulators. They possess superior damping
properties due to a specific internal structure consisting of a solid skeleton and voids (pores) filled with fluid.
By modifying the spatial distribution and geometry of voids, among others, one can directly influence the
overall acoustic performance of a porous layer. Thus, knowing the correspondence between the design and the
relevant characteristics of such media, it is possible to develop a particular configuration of a required behav-
ior. Scientists have excogitated a multiscale theory to effectively predict the acoustic wave propagation and
sound absorption in rigid porous materials using microstructure-based solutions for various cases, namely: for
open-cell aluminium foams [13, 14], perforated closed-cell metallic foams [2], ceramic foams with spherical
pores [17], polymeric foams [4, 5, 10, 11], double-porosity foams [3], syntactic hybrid foams (i.e., open-cell
polyurethane foams with embedded hollow microbeads) [12], 3D-printed foams [18], granular [6, 7, 16] and
fibrous media [8, 15, 19]. Nevertheless, many important issues still need to be investigated, especially vis-à-vis
the usage of this approach to estimate the thermal and viscous effects connected with the wave propagation in-
side materials produced by popular, nowadays widely spread and continuously evolving additive manufacturing
techniques. Since they are actually one of the few strategies that allow forming porous samples with a definite
microstructure albeit not flawless, adopting appropriate model enhancements that will accomodate computations
to reality should eventually lead to substantial benefits from practical point of view.

A sequence of calculations and measurements is performed to figure out the possibilities in estimating
sound absorption of 3D-printed porous geometries with high precision. Two periodic samples are designed,
fabricated, and investigated in terms of their quality and acoustic properties. The experimental and numerical
normal incidence absorption curves are compared, and a study of the corresponding transport parameters is
made for each geometry. The discussion is additionally based on the computed effective density and bulk
modulus plots.
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2. DESIGN AND MANUFACTURING OF PERIODIC POROUS MATERIALS
Prototyping of customised and complex three-dimensional geometries has recently become feasible with an ad-
ditive manufacturing technique popularly known as 3D printing [9]. The strategy relies on the principle that
the layers of material are successively formed on top of each other and fused together, eventually leading to
the final object. The relevant production capabilities of such a method, however, depend to a large extent on
its particular variant used. Manufacturing of sound-absorbing porous samples entails the necessity of using a
high precision approach due to modest pore characteristic sizes. Most prevalent and relatively cheap machines
operate based on the fused deposition modelling (FDM) printing technology [9]. In it a continuous filament
made of a thermoplastic polymer is heated to the melting temperature at the nozzle, and extruded either onto
the platform or on top of an already existing element. As a rather primitive method it often results in inconsis-
tent dimensions and degenerate shapes with significant deviations (at least from the microscopic point of view)
as well as other tough issues. Moreover, the achievable detail size usually do not exceed a few millimetres due
to large layer thicknesses available.

The FDM printing technology was used to fabricate periodic porous samples in this research. Two fairly
different but simple morphologies were proposed. The first one consists of a 10×10×12 array of representative
cubic cells (see Figure 1a) of side length equal 3mm that contain only one central pore and six mutually
perpendicular vertical as well as horizontal cylindrical channels (in Figures 1a and 1b the cell is shifted in the
vertical direction by half of its characteristic size). In the following analysis they are therefore referred to as
the One-Pore-Cells (OPC) with detailed dimensions listed in Table 1. In fact, the values shown there are not
consistent with the designed, original values (for both geometries), but were decreased a bit (0.12mm from
each radius) in order to reflect the material shrinkage in 3D-printed objects.

(a)
(b) (c)

(d)

Figure 1. The designed Representative Unit Cells: (a) the OPC geometry; (b) the domain of fluid in the OPC
geometry; (c) the NPC geometry; and (d) the domain of fluid in the NPC geometry.

Table 1. Diameters of pores and channels in the periodic cubic cells of size 3mm (OPC) and 5mm (NPC).
Diameter [mm]

Geometry large pore small pore wide channel narrow channel
OPC 2.46 – 0.96 –
NPC 4.36 1.76 1.36 0.76

The second devised representative element is more complicated. It is called the Nine-Pore-Cell (NPC)
because it is comprised of nine spherical pores (or their parts) in total (one central, and eight one-eights of
small corner ones) connected by cylindrical oblique narrow channels (see Figure 1c). It forms a 6× 6× 12
array of 5mm cubic cells that are additionally linked by wide channels in three directions. All the dimensions
describing the geometry are given in Table 1. Both arrays of OPC and NPC cells were virtually cut such that
to obtain a 36 and 60mm-long cylinders, respectively, of diameter 29mm that fit well to the impedance tube
for acoustic material testing.

The manufactured porous specimens were examined in twofold way: the microgeometry of the produced
sample was verified by the aid of a microscope, and the true porosity measurements were conducted on three
different devices. As it was expected, the surface of the samples is quite rough and a little deformed (see, for
example, the channel edges or ‘wrinkles’ in Figure 2), whereas the open porosity has greatly increased during
the FDM process compared to its theoretical, numerically calculated value. It was evaluated as a consequence
of force measurements and by weighting the samples on electronic scales of different quality after estimating
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(a) (b)

Figure 2. Microscopic verification of the quality of the fabricated samples: (a) top view (zoom) of the OPC
sample; (b) top view (zoom) of the NPC sample.

the material mass density from six regularly-shaped objects of various sizes (the value agreed with its analogue
given in product specifications), and the results are consistent, as shown in Table 2.

Table 2. Open porosity in computations and measurements: calculated numerically and measured by means of
the gravity force as well as low (A) and high quality scales (B).

Porosity, φ [–]
Geometry Calculated Measured—force Measured—mass A Measured—mass B

OPC 0.3398 0.4488 0.4480 0.4493
NPC 0.4345 0.5394 0.5488 0.5513

3. MODELLING, EXPERIMENTS, AND INVERSE CHARACTERISATION
There exist three basic techniques based on the Finite Element Method for a numerical prediction of sound
propagation and absorption in rigid porous media:

1. the Direct Simulation founded on solving a harmonic compressible viscous flow of fluid through the
porous region (the Navier-Stokes equations);

2. the Direct Multiscale method in which viscous and thermal harmonic analyses are made for each fre-
quency, f , on the representative volume of fluid in a periodic cell; and

3. the Hybrid Multiscale approach, where the region of fluid corresponding to a given unit periodic cell is
fed to several geometrical and static finite element analyses of microstructural problems, the output of
which then constitutes the basis for further considerations on macroscopic acoustic characteristics of this
class of materials—the so called transport parameters.

In the latter case, one calculates the porosity, φ , and thermal characteristic length, Λ′, directly from the porous
morphology (e.g., the one shown in Figures 1b and 1d, as it was done in this work), from the character of an
incompressible viscous flow (the Stokes problem) the static viscous permeability, k0, and static thermal tortu-
osity, α0, are deduced, the solution to the electric conduction problem (the Laplace equation) gives necessary
information about the inertial tortuosity, α∞, and viscous characteristic length, Λ, whereas static thermal per-
meability, k′0, and static thermal tortuosity, α ′0, are found from the Poisson problem (thermal dispersion). The
damping behaviour of the material backed by a rigid wall is then efficiently assessed by the properties of an
equivalent fluid, that is the complex-valued dynamic effective mass density, ρeff( f ), and the dynamic effective
bulk modulus, Keff( f ), functions, according to the following formulae:

A( f ) = 1−|R( f )|2 , R( f ) =
Z( f )−Z0

Z( f )+Z0
(1)

and

Z( f ) =−i
√

ρeff( f )Keff( f )cot
(2π f `

√
ρeff( f )√

Keff( f )

)
, (2)

where A( f ) is the acoustic absorption coefficient, R( f ) is the reflection coefficient, Z0 = ρ0 c0 is the character-
istic impedance of the pore-fluid, ρ0 and c0 are the density and speed of sound in the pore-fluid, and, finally,
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` is the thickness of a porous medium. Knowing that

ρeff( f ) =
ρ0 α( f )

φ
and Keff( f ) =

K0

φβ ( f )
with β ( f ) = γ− γ−1

α ′( f )
, (3)

the surface acoustic impedance, Z( f ), can be equivalently expressed as:

Z( f ) =− iZ0

φ

√
α( f )
β ( f )

cot
(2π f `

c0

√
α( f )β ( f )

)
. (4)

Here K0 = γ p0 is the bulk modulus of the fluid in pores, γ is the heat capacity ratio of fluid in pores, p0
denotes the ambient mean pressure, and α( f ) as well as α ′( f ) stand for the dynamic (visco-inertial) tor-
tuosity and the dynamic thermal tortuosity functions, respectively. Various models were developed and are
utilised to approximate the dynamic tortuosity functions. Among them one finds the most advanced semi-
phenomenological model by Johnson-Champoux-Allard-Pride-Lafarge (JCAPL) that requires all eight transport
parameters and some crucial physical properties of the fluid in pores like the dynamic viscosity, µ , the Prandtl
number, NPr, and the density, ρ0. It looks as follows:

α( f ) = α∞ +
µ

2iπ f ρ0

φ
k0

[√
2iπ f ρ0

µ

(
2α∞k0

Λφ

)2

+b2−b+1

]
, b =

2α∞
2k0

Λ2φ(α0−α∞)
, (5)

α ′( f ) = 1+
µ

2iπ f ρ0NPr

φ
k′0

[√
2iπ f ρ0NPr

µ

(
2k′0
Λ′φ

)2

+b′2−b′+1

]
, b′ =

2k′0
Λ′2φ(α ′0−1)

. (6)

In this work, this particular model was incorporated for the purposes of the evaluation of the effective dynamic
functions ρeff( f ) and Keff( f ) needed to compute the coefficient, A( f ).

The overall sound absorption properties of the analysed specimens were determined from experiments car-
ried out in the 29mm impedance tube following the procedure described in the ISO 10534-2 Standard [1]
published in 1998. Furthermore, the acoustic transport parameters were found from the respective 3D problems
of the Hybrid Multiscale method. Figures 3 and 4 present the convergence of these parameters with respect to
the Finite Element meshes generated on the representative fluid regions (see Figures 1b and 1d once again) for
the One-Pore-Cell and Nine-Pore-Cell geometries, respectively. The final, reference computations shown later
on in this section were done on the finest grids, where the values of transport parameters are nearly converged.
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Figure 3. Mesh convergence with respect to the computed transport parameter values of the OPC domain:
(a) the geometrical analysis, (b) the Poisson problem, (c) the Laplace problem, and (d) the Stokes problem.
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Figure 4. Mesh convergence with respect to the computed transport parameter values of the NPC domain:
(a) the geometrical analysis, (b) the Poisson problem, (c) the Laplace problem, and (d) the Stokes problem.

It has been already shown that the wave attenuation effects in fabricated rigid-porous layers are eminently
underestimated by numerical calculations using standard models (see, e.g., [18]). The obtained results do con-
firm this observation. Table 3 collects the determined values of transport parameters for the OPC and NPC
samples leading to the curves shown in Figures 5–7. A large discrepancies between computed and experi-
mental plots of ρeff( f )/ρ0, Keff( f )/K0 and A( f ) are clearly visible. In order to get to know right values, an
inverse characterisation procedure was undertaken. It was based on the least squares problem arising from the
minimisation of the difference between the measurements of sound absorption and their analytically constructed
counterparts. Indeed, the achieved agreement between the respective curves is very good (see Figures 6 and
7). The credibility of the gathered results (see Table 3) is gained by realising the fact, that the values of the
identified porosities in both cases (OPC and NPC) are very close to the measured ones (cf. Table 2). Moreover,
its high level is sustained by performing the following consideration. Surface acoustic impedance is a periodic
complex function with a period of π . Therefore, there exists a similarity number, n, for which it takes exactly
the same value for a given argument f (cf. (4)):

cot
(2π f `

c0

√
α( f )β ( f )

)
= cot

(2π f `
c0

√
α( f )β ( f )+nπ

)
= cot

(2π f `
c0
|n̂|
√

α( f )β ( f )
)

, n ∈ Z . (7)

Hence, the similarity number n̂ that scales both α( f ) and β ( f ) such that Z( f ) remains unchanged can be
evaluated as:

n̂ = 1+
nc0

2 f `
√

α( f )β ( f )
. (8)

We denote the family of density and bulk modulus effective functions yielding identical values for different

Table 3. Computed and identified transport parameters. For each geometry the relative change of the computed
values during the identification procedure is also presented.

Transport parameters
Geometry, case φ [–] k0 [10−9 m2] k′0 [10−9 m2] α∞ [–] α0 [–] α ′0 [–] Λ [mm] Λ′ [mm]
OPC, computed 0.3398 5.359 34.51 2.189 3.052 1.447 0.5035 0.8681
OPC, identified 0.4546 2.824 21.74 2.155 2.707 1.410 0.3245 1.294

OPC, relative 1.3379 0.5269 0.6301 0.9844 0.8869 0.9742 0.6445 1.4905
NPC, computed 0.4345 11.94 122.3 2.047 3.383 1.609 0.5940 1.200
NPC, identified 0.5567 17.42 140.7 1.923 3.301 1.697 0.3605 0.8386

NPC, relative 1.2811 1.4589 1.1505 0.9395 0.9758 1.0551 0.6068 0.6991
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Figure 5. Normalised effective mass density (a,c) and bulk modulus (b,d) of a porous layer made of either the
OPC (a,b) or NPC (c,d) geometries.

factors n as

ρ̂eff( f ,n) =
ρ0 n̂α( f )

φ
and K̂eff( f ,n) =

K0

n̂φβ ( f )
. (9)

Plotting the functions ρ̂eff( f ,n)/ρ0 as well as K̂eff( f ,n)/K0 for n ∈ {−1,0,1} corresponding to the identified
transport parameters and comparing them with the calculated ρeff( f )/ρ0 and Keff( f )/K0 by means of the Hybrid
Multiscale method reveals the efficacy of the adopted inverse characterisation algorithm—the results for n = 0
are closer to the reference, ‘ideal’ curves (ρeff( f )/ρ0 and Keff( f )/K0 with computed transport parameters) than
those pertaining to n = 1 and n =−1.

After obtaining the identified transport parameters, a simple sensitivity analysis was performed by modify-
ing only particular computed values in accordance with the identification procedure and plotting the resulting
absorption curves. It was found out that the change of the three thermal transport parameters, namely the
static thermal permeability, k′0, static thermal tortuosity, α ′0, and thermal characteristic length, Λ′, does not have
much impact on the related sound absorption, albeit the relative decrease or increase of k′0 and Λ′ during the
identification procedure was considerable for both geometries (see the relative values in Table 3). The plots
drawn using the full set of eight identified parameters are virtually the same as those curves proceeded from
five identified and three computed parameters, being the thermal ones (Figures 6 and 7).
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Figure 6. Normal incidence sound absorption of a rigidly backed 35.72mm-thick porous layer made of the
OPC geometry.
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Figure 7. Normal incidence sound absorption of a rigidly backed 59.7mm-thick layer made of the NPC cells.

4. CONCLUSIONS
It is rather understandable that the fabricated objects can mirror the designed ideal geometry of representative
cells to just a certain degree, depending on the resolution and precision of a given technology. It is believed,
that the inconsistency between experimental and simulation results is due to various reasons, including surface
defects, material shrinkage, and bounded accuracy. At the current stage of research it has been found that
porous materials 3D-printed in the FDM technology have much higher porosity and are characterised by dif-
ferent visco-inertial transport parameters than those calculated from the microstructural analyses. The thermal
transport parameters, on the other hand, that is the static thermal permeability, k′0, static thermal tortuosity,
α ′0, and thermal characteristic length, Λ′, seem to remain unchanged during the manufacturing process. This
knowledge may open new possibilities in the (still ongoing) development of the universal amendment to the
existing mathematical models describing thermal dispersion and fluid flow inside 3D-printed rigid foams.
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ABSTRACT 
Sound transmission characteristics of single or multiple panels as sound insulation components in buildings 
have been studied extensively, and numerous models have been developed over the past few decades. Though 
most of them have been validated individually with specific test results in their developing phases, evidence 
showed that considerable discrepancy exits from one model to another. By applying many existing models 
onto glazing panels such as windows, doors, or building facades, the authors found that most of them unable 
to accurately predict their sound insulation performance. Apparent discrepancy up to 3-5 dB in terms of 
OITC/STC index was even found between the predictions by commercial software and those well-recognized 
test results. More accurate theoretical models are highly demanded in the industry to guide the design of real 
practice. To address this need, revisits of most existing theoretical models were made by the authors, and 
extended models are accordingly developed and presented in this study to provide more accurate predictions 
on the acoustic performance of monolithic or laminated single- and double-glazing panels. Test results 
collected from literature as well as conducted by the authors are further provided to validate the proposed 
models. 
 
Keywords: Sound radiation, Insulation, Sound Transmission Loss, glazing panel, laminated glass  

1. INTRODUCTION 
The acoustic performance of building facades such as window, door, and curtain wall in terms of 

their sound insulation is one of the critical calibers to the quality of Schüco products across the world. 
Architecture designer, general engineer or contractor are heavily relying on commercial software to 
estimate the acoustic performance of certain designed products. However, majority of them do not 
necessarily have the knowledge sensing whether the estimations provided by the software reflecting 
the reality of the product or will meet the need from customers. In this sense, the accuracy of the 
theoretical models behind any commercial software plays a considerable role in designing a product. 

Over the past few decades, numerous models have been developed to predict the sound 
transmission characteristics of single or multiple layer panels. In many theoretical models, various 
constants or parameters were empirically determined by best matching the predictions with test results. 
As a consequence, a model might work well for a certain type of materials while not applicable to 
others. Moreover, evidence showed that considerable discrepancy exits from one model to another. 
By applying many existing models onto single or multiple glass panels, the authors found that most 
of them unable to accurately predict their sound insulation performance. Apparent discrepancy up to 
3-5 dB in terms of OITC/STC index was found between the predictions by commercial software and 
those well-recognized test results, which is even higher for multiple layer laminated glass panels.  

In this study, based on existing theoretical models of sound transmission loss on single and multiple 
panels, extended models are developed and summarized for a single layer of laminated glass and a 
double layer of insulating-laminated glass panels. Test results collected from literature as well as 
                                                        
FChen@schuco-usa.com 
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conducted by the authors are further provided to validate the extended models. 

2. SINGLE LAYER GLAZING PANEL 

2.1 Monolithic Glazing 
2.1.1 Current models in the literature 

From Davy’s studies (1–3), the diffuse field sound transmission coefficient of a single rectangular 
homogeneous panel with dimensions of can be calculated as 

 (1) 

where the radiance efficiency   in high frequency (  ) is given by 

 with parameters summarized as

 ;  ;  ;  ;  , and m is the 

surface density of the panel,  the ambient air density, c the sound speed traveling in the ambient 
air,  the total damping loss factor of the panel, wave number ,  the area of the panel, 

 the dimension of the panel by considering it as an equivalent square panel;  are 
empirical constants which are suggested to take the value of , and .  

The total damping loss factor is the sum of the internal damping loss factor  and that due to the 
transmission of vibrational energy from the panel to its surrounding elements  . According to Annex 
C of ISO 12354-1:2017(E)(4),  can be evaluated for structural elements with a surface mass 

  as  . The critical frequency can be determined by  , where 

 is the bending stiffness of the panel. 

From the sound transmission coefficient determined in Eq. (1), the sound transmission loss (STL) 
of a single homogeneous panel can be calculated by . To better match the prediction 
of STL with experimental results, it was proposed that the sound transmission coefficient below the 
critical frequency  is calculated as the sum of  in Eq. (1) by accounting for the bending 
stiffness effect.  
2.1.2 Modifications 

Though it was identified that Davy’s model provides closest evaluations of STL for single glazing 
panels in the current literature (5), the authors found that near the resonant and critical frequencies, 
considerable discrepancies exist between the prediction of the STL by Davy’s model and the test 
results, often there is about 2 - 3 dB discrepancy in terms of STC/OITC index. To address this issue, 
certain revisions were made by the authors (5) by adding two more sections within the lower frequency 
range and adjusting the radiation efficiency to improve the predictions based on Davy’s models. 
Accordingly, the revised sound transmission coefficient of the panel is given by  

 (2) 
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where   is the resonance frequencies of the panel,   the 

propagation velocity of the quasi-longitudinal wave in the glazing panel;  are Young’s modulus, 
density and passion ratio of the panel, respectively,   is an associate parameter to consider the 
practical limitation of sound radiation angle, which is given by (6) as ,  is 

determined by linear interpolation of and . To better match the predictions with test results, the 

original radiation efficiency  of single glazing is replaced by , while 

between , it is obtained by linear interpolation, and  is a critical radiation efficiency to 
filter out the unrealistic high value at critical frequency.  

Figure 1 provides an overall comparison of the STL for a ½ inch monolithic glass panel (with 
dimension of 36 in by 84 in) among Viracon test result (7), simulation by INSUL 9.0 (8), original 
prediction by (1), and the modified model (5). In comparison with measurements in the third-octave 
band, the theoretical values were averaged over the three frequencies which were 2−1/9, 1, and 21/9 
times the center frequency of the third-octave band if the critical frequency locates within the 
measurement frequency (so does in the rest of the STL charts in this paper). Nearby the resonance 
frequencies of the panel, it shows 3~4 dB difference of sound transmission loss between the original 
model and the modified one.  

 
Figure 1 - STL of ½ inch monolithic glass panel (36 in by 84 in) 

2.2 Laminated Glazing  
Laminated glass has been gaining more applications in industry as it provides better performance 

for structural, acoustical, and thermal performances. Laminated glass is achieved by bonding two or 
more glass plies with thermoplastic polymeric interlayers. The resulting laminated glass performs 
much safer than monothetic glass because the fragments remain attached to the interlayer even after 
breakage. To apply the extended model for the monolithic glass given in the previous section to 
laminated glasses, a laminated panel is considered as an equivalent single panel. The acoustic 
performance of a single laminated glass depends not only on individual layers but also on the 
interlayer and its dynamic performance. From this point of view, in addition to the effective properties 
of the laminated panel, the material properties of the interlayer must be included in the predicting  
model. 

The effective thickness of the laminated panel is determined by following the procedures in ASTM 
E1300(9). 

 (3) 

50 63 80 100 125 160 200 250 315 400 500 630 800 1000 1250 1600 2000 2500 3150 4000 5000
Viracon 26 30 26 30 33 33 34 36 37 35 32 32 36 40 43 46 50 51
Insul 27 26 26 27 28 29 30 32 33 34 35 35 35 30 31 34 37 40 43 46 49
Davy (1) 25 26 26 27 28 30 32 33 34 36 38 39 41 31 30 36 39 43 47 50 53
Modified 28 27 27 28 29 30 32 33 33 35 37 38 38 31 30 36 40 43 47 50 53
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where Γ is the shear transfer coefficient which is a measure of the transfer of shear stresses across the 
interlayer , where , ,  is 

the interlayer thickness (mm), E the Young’s modulus of glass, a the smallest in-plan dimension of 
the laminated panel, and G the interlayer storage shear modulus,   is a coefficient governed by 
boundary and loading conditions of the composite. For a laminated glass under the very particular 
case of simply supported and uniformly distributed loading, a value of   was proposed by 
Wölfel (10). 

For a laminated glass with fixed thickens of individual layers, it can be found from Eq. (5) That 
the effective thickness of the equivalent single glass keeps reducing as the thickness of the interlayer 
increases, which makes sense from a structural point of view but does not when the sound transmission 
is concerned. To better reflects the physics mentioned above, the equivalent thickness given in Eq. (5) 
is accordingly revised as  

Because of the existence of the viscoelastic polymer layer, the radiance of sound transmitting 
through the laminated glass varies accordingly, which varies as the type of the interlayer varies. 
Generally, the radiance decreases as the thickness of the polymer interlayer increases, more 
specifically, its decaying rate is larger for softer interlayer compared with that of the stiffer one. To 
reflect these trends, the radiance in laminated glass is proposed by introducing a decay factor  for 
dthe ifferent interlayer, which is where  is determined by correlating the predictions 
with series of test results on laminated glass panel of different interlayers. 

Figure 2 provides a comparison of the STL of a ½ single laminated glass panel (consists of two 
quarter inches monolithic glass combined with a 0.045 inch PVB thin layer, and dimension of 36 in 
by 84 in) among Viracon test result (7), simulation by INSUL 9.0 (8), and the present model. The 
comparison shows that the result predicted by Insul general overestimates the STL, especially at a 
frequency higher than the critical one, leading to an overestimated STC/OITC index. However, the 
present model can match the test result almost over the entire frequency range except those nearby 
the resonant one where a spike exhibit, which might result from collected error because of practical 
difficulties or uncontrollable boundary effects during a test at a lower frequency.  

 
Figure 2 - STL of ½ inch single laminated glass panel (36 in by 84 in) 

3. DOUBLE-LAYER GLAZING PANEL 

3.1 Double-layer Monolithic Insulating Glazing 
From Davy’s studies (2,6,11,12), the diffuse field sound transmission coefficient of a double 

rectangular homogeneous panel with dimensions of can be summarized as 

50 63 80 100 125 160 200 250 315 400 500 630 800 1000 1250 1600 2000 2500 3150 4000 5000
Viracon 26 30 27 30 33 33 34 36 37 38 37 36 37 41 45 48 51 54
Insul 28 26 27 27 28 29 31 32 33 35 36 37 38 39 39 41 44 47 50 53 56
Prediction 26 25 25 26 27 28 30 30 32 34 35 36 37 38 37 38 41 44 47 50 54
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 (4) 

where and  are obtained from linear interpolations from their corresponding regions; 
  with   and   is the surface density of the panel i, respectively; double panel 

resonant frequency (also known as the mass-air-mass frequency)  with d of the 

cavity gap between two panels,; ,  is a constant, 
sound absorption coefficient of the wall cavity of the double leaf wall  is determined 
by best matching a series of predictions and Viracon test results, 

; , , and . 

To account for the stud born transmission effect between the two panels, the STL has been 
accordingly revised as 

 (5) 

where the stud born transmission efficiency   with stud transmission ratio 

,  stud mechanical compliance, and K the minimum stud 
transmission; the space between studs is approximated as one third of the panel width, i.e.,  

 ,   is determined by linear interpolations from   without 

considering  ;  ,  ,  ,  ; 

  and critical radiation efficiency   is determined by the gap of the 

cavity between the two panels and their relative thickness as  . Note that many 
inconsistencies exist in determining the parameters values in Eqs. (4) and (5) among Davy’s studies on 
double panels (2,6,11,12), some of them have been accordingly reunified and modified in this study 
such that best agreement is achieved between the predictions and test results.  

3.2 Double-layer Laminated Insulating Glazing 
The STL of insulating-laminated (one layer monolithic and the other layer laminated) and double 

laminated insulating (both layers are laminated) are developed based on section 3.1 . In this model, 
the laminated layers are firstly treated as an equivalent single layer by following the approach in 
section 2.2, sound absorption coefficient and critical radiation efficiency are then determined by 
regression analysis and reconstructed as a function of the thickness of individual layers and the cavity 
gap between them as , where is the equivalent thickens of laminated 
layers  and  the thickness of the interlayer.  
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Figure 3 – STL of insulating-laminated double layer glass panel: (a) 1-3/16" overall - 1/4" glass, 1/2" 

airspace, 3/16" glass, 0.060" PVB, 3/16" glass; and (b) 1-11/16" overall - 3/8" glass, 3/4" airspace,1/4" 
glass, 0.060" PVB, 1/4" glass 

Comparisons of the STL for two different insulating-laminated double layer glass panels among 
Viracon test, Insul simulation results, and the present model are provided in Figure 3(a) and (b). The 
overall thickness of these two panels are 1-3/16" and 1-11/16", respectively. The results show that in 
general both the present model and Insul agree with the test results and they can provide similar dips 
at the double panel resonant frequency and coincident frequency.  However, nearby the coincide 
frequency Insul predicts much higher STL than the test results while  the present model well aligns 
with the test result.  

Figure 4 shows the comparisons of the STL for two different double layer laminated glass panels 
among Viracon test, Insul simulation results, and the present model. At relatively low frequencies 
(below critical frequency of individual panels), the results predicted by Insul and the present model 
fairly agree with the test results. At higher frequency (above coincidence frequency), the present 
model still can reasonably match the test results. However, Insul significantly overestimates the STL, 
with a discrepancy up to 8 dB for the STC index. The theoretical model behind Insul is not able to 
provide a reliable prediction of STL for double layer laminated glass panels, especially when the 
overall thickness of the double laminated glass panel is large.    
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Figure 4 – STL of double-laminated double layer glass panel: (a) 1-5/16" overall - 1/4" glass, 0.030" PVB, 

1/4" glass, 1/2" airspace, 5/32" glass, 0.060" PVB, 5/32" glass, 3/16" glass; and (b) 2-5/8" overall - 3/8" 
glass, 0.060" PVB, 3/8" glass, 1" airspace, 3/8" glass, 0.090" PVB, 3/8" glass 

4. CONCLUSIONS 
Based on existing theoretical models of sound transmission loss on single and multiple panels, 

extended models have been developed for single and double insulating-laminated glass panels in this 
study. Various comparisons among test results and simulation predictions by Insul are provided to 
validate the extended models.  

For single laminated glass panel, the comparison shows that the result predicted by Insul general 
overestimates the STL, especially at frequencies higher than the critical one, leading to an 
overestimated STC/OITC index. For double laminated glass panels, comparison results show that the 
predictions provided by Insul considerably overestimate the STL, with a discrepancy up to 8 dB in 
terms of the STC index for relatively thicker double laminated glass panel, indicating that the 
theoretical model behind Insul is not able to provide reliable prediction of STL for la minated glass 
panels. In other words, Insul usually considerably overestimates the STL for high performance double 
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laminated glass panels. 
Well agreements among the predictions by the present models and test results for various single or 

double laminated glass panels, however, demonstrate the viability of the present models. It is worthy 
to note that the presented models were calibrated by comparing test results only from various glass 
panels. The applicability of the presented models to other building materials such as gypsum board, 
brick or masonry wall has not been investigated yet.  
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sound sources in buildings  
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ABSTRACT 
Two source quantities are required to predict the structure-borne power into lightweight buildings and 
other structures: source mobility and free velocity or blocked force. The average source quantities can 
be measured using the reception plate method (RPM). A thin reception plate gives an estimate of the 
sum-square free velocity. A thick reception plate gives an estimate of the sum-square blocked force. 
The ratio of these quantities approximates the square of the average source point mobilit ies. In this 
proposal, only one reception plate is required. The transfer mobilities from several remote points to a 
single measurement centre are recorded. The source is attached about the measurement centre and the 
transfer mobilities re-recorded. The ratio of the transfer mobilities gives an estimate of the source 
mobility. The source then is operated and the velocities at the remote points recorded. For each remote 
point, the recorded velocity and previously estimated source mobility give an estimate of the source 
free velocity. In this method the installation conditions are unchanged; knowledge of source-receiver 
mobility ratio is not required; the reception plate can be relatively thin/light; the method automatically 
collapses the source quantities to single equivalent values. 
Keywords: Building noise control; structure-borne sound sources: 51; 43 

1. INTRODUCTION 
Structure-borne sound in buildings is generated by vibrating or impacting sources, which inject 

vibrations into supporting and connecting building elements. To predict the structure-borne sound 
power into the supporting structure(s), two source quantities (vibration activity and structural 
dynamics at the contacts) are required for all likely installation conditions, including in lightweight 
buildings (1,2). For activity, the source quantity is either free velocity or blocked force; for structural 
dynamics, the source quantity is the mobility, or its inverse impedance, at the contacts. The source 
quantities are obtained by laboratory measurement to provide input data for building propagation 
models (3,4).  

The source quantities can be measured directly or indirectly using reception plate methods (5).  
Direct measurements can be time-consuming and costly. Reception plate methods are generally 
simpler but less accurate. To obtain the two source quantities, a two-stage measurement method is 
required. One method is by measuring the source free velocity directly and then attaching the 
operating source to a low-mobility reception plate to obtain the blocked force as a sum-square value 
(6). Alternatively, the free velocity is obtained as a sum-square value by attaching the operating source 
to a thin high-mobility plate (1,2). There are practical problems in such two-stage methods, which 
require the source to be set up on two test rigs. It is not always possible to ensure repeatable operating 
conditions.  

In this proposal, only one reception plate is required. The transfer mobilities from several 
remote points on the plate to a single ‘measurement centre’ are recorded. The source then is attached 
about the measurement centre and the transfer mobilities re-recorded. The ratio of the transfer 
mobilities corresponds to the ratio of the velocities at the centre, which gives an estimate of the source 
mobility. The source then is switched on and the velocities at the same remote points recorded. For 
each remote point, the recorded velocity and previously estimated source mobility gives an estimate 
of the source free velocity. Repeating the process for several remote points allows averaging and 
estimates of standard deviation. This method offers the following advantages: the installation and 
operating conditions are unchanged; knowledge of source-receiver mobility ratio is not required; the 
reception plate can be relatively thin/light and easily installed in laboratories; the method 
automatically collapses the source quantities to single equivalent values.  
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2. THEORY OF METHOD 

2.1 Set-up 
The source mobility is measured indirectly by recording the transfer mobility of a single 

reception plate before and after attaching the source under test.  Figure 1 is of a rectangular reception 
plate of arbitrary dimensions and thickness, with a designated measurement centre c.  

  

Fi Fi 

Vc* 

Figure 1 - Transfer mobility from a remote point on reception plate to measurement centre without 
(left) and with (right) the source attached. 

 
The transfer mobilities to the measurement centre , without the source attached, are recorded 

from several (ten in this study) remote points i. The measurement centre is not at the plate centre but 
located such that the remote locations surround it.  
  

2.2 First Stage 
The source under test is placed at the measurement centre and attached at contact points j and the 

transfer mobility from the remote points to the measurement centre  are re-recorded. The 

new velocity at the centre is due to the forces Fj at the contacts 
 

         (1) 
 

The forces Fj result from the plate velocities at the contact points and the. source and plate mobilities 
combined at the same points 

             (2) 

 
Ys

j is the source mobility at contact j and Yj
j is the plate mobility at contact j. For multiple contacts, 

these are matrices. From equations (1) and (2) the coupled transfer mobility is  
 

            (3) 

 
The ratio R of the coupled and uncoupled transfer mobilities corresponds to the ratio of coupled and 
uncoupled velocities at the centre, which is the measured quantity of interest 
 

             (4) 
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If it is assumed that the velocity at the measurement centre is due to a single equivalent source 

with mobility Yseq at the centre, the ratio now is 

            (5) 

 
Assuming R* = R, then the equivalent single source mobility is 
 

             (6) 

2.3 Second Stage 
The source under test is switched on and the velocities at the remote points i are recorded 
 

       
 
are the forces at the contact positions j where 

              (7) 

vfj is the source free velocity at contact j.  
Assume that the remote velocity is due to a single equivalent source with single equivalent free 

velocity vfeq, again at the measurement centre. The remote velocity at the ith point 

              (8) 

From (8)             (9) 

The process is repeated for each remote point and average values calculated from all points.   

3. NUMERICAL MODEL 

3.1 Plate Model 
Prior to the experimental investigation, the transfer mobilities were modelled by modal 

summation of a free (FFFF) plate, which corresponds to a resiliently supported reception plate in a 
laboratory. The plate eigenmodes are expressed as products of orthogonal beam eigenmodes (7). The 
plates modelled were of aluminium and the thicknesses were varied between 5-20mm. Dimensions 
were varied between 2.8m x 2.0 m and 4m x 3m. The total plate loss factor was assigned a frequency 
independent value 0.03. The process, represented by equations (1) to (9),  was completed for to give 
an estimate of source mobility and free velocity squared for each remote point. Figures 2-4 show some 
of the calculated plate point and transfer mobilities.  
 

 
Figure 2 - Point mobility at measurement centre (red) and transfer mobility from a remote 

location to centre (black). 

Fi 

1234



 

 

 
Figure 3 -Transfer mobility from remote location to a contact point. 

 

 
Figure 4 - Transfer mobility from a contact point to measurement centre.  

 

3.2 Tested sources 
The average point mobility and sum square free velocity were measured for a compact air pump 

(Figure 5) and for a small fan unit (Figure 6). Also shown are the transfer mobilities between mount 
points, which are lower than the point mobilities. The average point mobilities were taken as the target 
quantities to be evaluated by the proposed method.  

The free velocities of both sources were tonal with significant low-frequency components, and 
the frequency range of interest was 20-2000 Hz.  

 

 
Figure 5 – Left, pump point and transfer mobilities and average point mobility over four mounts 
(black line); right, free velocities squared over four mount points and sum-square (black line). 

 
The pump measured source data was for four mount points. The point mobility varies little with 

mount location and displays a mass-law behaviour below 400 Hz and a stiffness-controlled behaviour 
above 400 Hz. The free velocity spectrum is tonal with a fundamental frequency of 25 Hz and first 
harmonic at 50 Hz.  

The fan measured source data was for four mount points. Figure 6, left, shows the point and 
transfer mobilities between mount points. Figure 6, right, shows the free velocity squared at each 

 
Fi 

vj 

Fj 
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contact and the sum-square value. The fan point mobility varies significantly with mount location and 
displays resonance behaviour. The free velocity spectrum also is tonal with a fundamental frequency 
of 50 Hz and first harmonic at 100 Hz. 

 

 
Figure 6 - Point and transfer mobilities of fan and average point mobility over four mounts (black 

line, left) and free velocities squared over four mount points with sum-square (black line, right). 
 

3.3 Results 
Figure 7 shows estimates of pump mobility and sum square free velocity from a simulation of 

the steps described by equation (1) to equation (6),  as modelled for a 10mm aluminium plate. The 
average estimates and standard deviations are in one-third octaves and assume a log-normal 
distribution. The estimate of mobility tracks the measured value within 5 dB, but with greater 
discrepancies above 1600 Hz. The estimate of free velocity squared, from equation (9), is within 10 
dB of the measured value at the peaks at 25 Hz and 50 Hz, and at 125 Hz and above. The estimate at 
the 100 Hz peak is 15 dB less than the measured value.  

     

   
Figure 7 - Pump mobility (left) and free velocity squared (right) from modelled 10mm plate: 

average from ten remote points (red); standard deviation (dashed); measured (black).  
 

In Figure 8, the estimate of fan mobility is within 5 dB of the measured value, irrespective of the 
thickness of reception plate. In Figure 9, the estimate of free velocity squared is within 10 dB of the 
true value for the 5mm reception plate, with greater discrepancies for the 20mm reception plate.  
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Figure 8 - Fan mobility from modelled 20mm plate (left) and from 5mm plate (right): average of 

ten remote points (red); standard deviation (dashed); measured average point mobility (black).   
 
 

   
Figure 9 - Fan free velocity squared from modelled 20mm plate, left, and 5mm plate, right: 

average (red); standard deviation (dashed); from measured at four mounts (black).  

4. EXPERIMENT 

4.1 Set-up 
Figure 10, left, is a photo of the 5mm aluminium plate (1.96m x 1.22m) supported on resilient 

pads, with the pump attached. Ten accelerometers are distributed around the measurement centre. An 
instrumented impact hammer registered the applied forces for mobility measurements. Figure 10, right, 
shows typical ratios of transfer mobilities, for the fan in place and without the fan.  

 
 

  
Figure 10 - Left: test arrangement with pump attached; right: ratio of transfer mobilities between 

plate with source and plate without source. 
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4.2 Results 
Figures 11 and 12 show mobility and free velocity squared for the pump and fan, respectively.  

 

  
Figure 11 - Pump mobility (left) and sum square free velocity (right) from measured 5mm plate: 

average (red), standard deviation (dashed), measured (black).  
 
 

  
Figure 12 – Fan mobility (left) and sum square free velocity (right) from measured 5 mm plate: 

average (red), standard deviation (dashed), measured (black). 
 
 

The estimated pump mobility is within one standard deviation (approximately 5dB) of the 
measured value at frequencies above 63 Hz. The estimated sum square free velocity is within one 
standard deviation (10 dB) of the measured value except at frequencies above 1000 Hz.  

The estimated fan mobility is within one standard deviation (5 dB) of the measured value at 
frequencies between 50 Hz and 630 Hz. The estimated sum square free velocity is within one standard 
deviation (10 dB) of the measured value except at frequencies below 50 Hz.  

5. CONCLUDING REMARKS 
The numerical models and the experimental measurements ‘capture’ the frequency trends of 

source mobility and free velocity squared of both sources.  
The numerical model results show that the estimates of source mobility and sum square free 

velocity are not dependent on the reception plate dimensions and thickness, i.e. between that of a 5mm 
free plate and a 20mm free plate. This has practical implications since it gives the designers of 
laboratory test rigs a certain freedom of choice in the selection of plate dimensions and material.   

The modelled and measured estimates of pump mobility are more promising than that of the 
fan. This is because the variation between mount points is smaller for the former than the  latter.  
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For both the fan and pump, the target measured mobility generally lies within one standard 
deviation of the average estimate.  

Likewise, the target measured sum-squared free velocity of the fan is within one standard 
deviation, but with greater discrepancies away from tonal maxima.  

Since the free velocity squared estimates depend on previous estimates of source mobility, then 
the standard deviations of the former are greater than those of the latter.  

It is interesting to note that although the estimates are magnitudes, the source quantities initially 
were obtained as complex quantities. The corresponding measurement of transfer mobility to, or 
velocity ratio at, the centre location is complex, and it remains to explore what happens if real -value 
measurements only are performed.  

The experimental investigation did not encounter signal-noise problems, either for the mobility 
measurements in stage 1 or for the remote velocity measurements in stage 2.  
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Experimental investigation of a single reception plate method
to obtain two source quantities required to predict structure-borne sound

transmission in buildings

Fabian SCHÖPFER(1); Andreas R. MAYR(1); Ulrich SCHANDA(1)

(1)Technical University of Applied Sciences Rosenheim, Germany, fabian.schoepfer@th-rosenheim.de

Abstract
To predict the structure-borne sound power into lightweight buildings and other structures, two source quantities
are required: the mobility and the free velocity or the blocked force. Using the reception plate method (RPM),
the average source quantities can be measured. The combination of measurements on a thick and thin reception
plate, the so-called two-stage method, allows the determination of all required quantities using the RPM. The
paper by Gibbs [1] introduced a proposal that requires only one reception plate for this task. This paper shows
an experimental case study using this approach. As reference, the free velocity and the source mobility are
determined using measurements on the source approximating free conditions.
Keywords: Building noise control; structure-borne sound sources

1 INTRODUCTION
To obtain the source quantities required for the prediction of machinery noise in buildings EN 15657:2017 [2]
describes laboratory measurement methods. For heavyweight buildings, the source mobility is typically much
higher than the mobility of the receiving building structure. For this case, the source mobility can be neglected
and the required activity of the source (i. e. the free velocity or the blocked force) can be determined on a ’low
mobility’ reception plate. EN 15657:2017 suggests a concrete plate with a thickness of ≈ 10 cm. In lightweight
buildings it is likely that the source mobility is either lower, higher or in the same order of magnitude as
the receiver mobility. Hence the source mobility is also required for prediction. The source mobility can be
measured directly at the feet of the isolated source (elastically supported or free hanging). Alternatively the
two-stage method [3] can be used to determine the source mobility as well as the activity indirectly using a
high and a low mobility reception plate.
Gibbs [1] proposed an approach that requires only one reception plate to determine all required quantities.
In this paper a preliminary experimental study on the application of this method is presented for two idealised
structure-borne sound sources using the heavy reception plate described in EN 15657:2017. A further experiment
used the source on a lighter timber plate.

2 THEORY
The theory of this method is introduced in detail in [1]. Therefore only the most important equations and
notations are reconsidered in this paper.
Figure 1 indicates the measurement set-up with a source attached to the plate at the contact points, j, about
the ’measurement centre’, c and several random remote points, i. For each remote point and the measurement
centre, the transfer mobility is measured without the source installed to give Y c

i and with the source installed to
give Y c

i
∗. From these, the ratio, R is determined as follows.

R =
Y c

i
∗

Y c
i

(1)
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Using the measured driving-point mobility at the measurement centre, Y c
c , the single equivalent source mobility,

YS,eq can be determined.

YS,eq = Y c
c

R
1−R

(2)

With the installed and running source, the velocity at each remote point, v∗i , is measured, to be able to estimate
the single equivalent free velocity, vf,eq, as follows.

vf,eq =
v∗i
(
YS,eq +Y c

c
)

Y c
i

(3)

In the above equations, all quantities are complex. For the conversion into one-third octave bands, magnitudes
were considered in this paper.

j
j

j

c

i i

ii

i
i

i

Figure 1. Experimental set-up and notation of positions. The source is attached with its feet, at positions, j,
about the ’measurement centre’ c. Positions i are random remote measurement positions.

3 DESCRIPTIONS OF SOURCES AND RECEIVER STRUCTURES
Two idealised structure-borne sound sources and two reception plates were used in the case studies presented
in this paper. The sources and receivers are described briefly in the following.

3.1 Sources
For both sources the same quadratic steel plate (308 mm x 308 mm x 15 mm) with three feet, n, was used.
Source A, shown in Figure 2a, was equipped with the inertial shaker, Data Physics, IV-40, at a random position
within the triangle formed by the three feet. Source B, shown in Figure 2b, was equipped with the inertial
shaker, TIRA, S 51125-IN. In addition a layer of Teroson R© (≈2 cm) was added to increase mass and damping.
In all experiments pink noise was used as signal for both sources.

(a) Source A (b) Source B

Figure 2. Structure-borne sound sources used in the presented case studies.
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Figure 3. Directly measured source mobilities
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Figure 4. Directly measured source free velocities

To validate the source quantities obtained with the proposed method, the mobility and the free velocity was
measured directly on the sources isolated with rubber cords.
The mobility was measured using an impulse hammer (Kistler, 9726A20000) and small accelerometers (MMF,
KS91C). Figure 3 shows the directly measured source mobility, YS, for each individual foot and the single
equivalent mobility, YS,eq, i. e. the average of magnitudes [2]. It can be seen that Source A has distinct resonance
peaks above 500 Hz that correspond to the modes of the steel plate. For both sources, the mobility of Source B
is in the same order of magnitude although it is heavier. But the resonance peaks of the steel plate are damped.
At ≈30 Hz there is a resonance of the inertial shaker, which is more pronounced for Source B compared to the
resonance of the small inertial shaker of Source A. The free velocity was measured with accelerometers at each
foot with the source operating. Figure 4 shows the directly measured squared source free velocity, vSf, at each
foot, as well as the source single equivalent free velocity, vfeq, i. e. the sum-square [2]. The spectra of Source
A and Source B both indicate the pink noise signal with peaks at the resonances described above. For both
sources the two feet at the corners differ from the third foot that more towards the centre area of the plate.

3.2 Receivers
Two reception plates were used. A heavy 10 cm concrete plate according to the test-rig proposed in [2] and a
lighter timber plate. Figure 5 shows the driving-point mobilities at the chosen ’measurement centre’ for both
plates. It can be seen that the mobility of the concrete plate is significantly lower than for the timber plate
(22 mm 3-ply panel). Both tend to a constant value towards high frequencies.
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Figure 5. Receiver mobilities: Driving point mobility at ’measurement centre’, Y c
c

4 RESULTS
This section shows the results of case studies for three combinations of the sources and receivers described
above: Source A on the concrete plate, Source B on the concrete plate and Source A on the timber plate.

4.1 Source A on concrete plate
Source A was attached to the concrete plate at a random position. Nine remote points, i, were considered.
Figure 6a shows the ratio between the source and the receiver mobility (represented by the driving-point mobil-
ity, Y c

c ). This shows that throughout the presented frequency range from 20 Hz to 2000 Hz the single equivalent
mobility, YS,eq, is at least 10 dB lower than the source mobility. However as mentioned in section 3.1 on foot
differs and has slightly higher ratios compared to the other two feet. Figure 6b shows the ratio, R, according
to equation (1) for the transfer mobilities, Y c

i , with and without the source installed. It can be seen, that the
source does not alter the behaviour much below 250 Hz.
Figure 7a compares the estimated and directly measured single equivalent source mobility, YS,eq. Although the
estimated mobility represents the general trend of the spectral shape, it does not pick up the modal peaks. The
differences are up to 10 dB with no overlap of the standard deviation from the nine positions. However towards
high frequencies the differences tend to be smaller.
Similar observations can be made for the comparison of the estimated and directly measured single equivalent
free velocity, vfeq, shown in Figure 7b. The differences are smaller towards higher frequencies and the general
trend of the spectral shape is captured. However the differences are >10 dB for the majority of the considered
frequency range.

4.2 Source B on concrete plate
Source B was attached to the concrete plate at the same position as Source A. Four remote points, i, were
considered in this case. The ratio of the source and receiver mobility, shown in Figure 8a, as well as the
mobility ratio, R, shown in Figure 8b, are similar to those for Source A on the concrete plate. Again, the
spectral shape is captured for YS,eq and vf,eq (see Figure 9). For this case, the agreement between the estimated
and directly measured data is slightly better compared to Source A on the concrete plate (see Figure 7).

4.3 Source A on timber plate
The third combination considered Source A on a 22 mm timber plate. Source A was attached about a randomly
chosen ’measurement centre’ and nine random remote measurement positions, i, were chosen across the plate.

The ratio R (Figure 10b) is significantly larger across the whole frequency range compared to Source A and
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Figure 6. Source A on concrete plate: Mobility ratios.
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Figure 7. Source A on concrete plate: Estimated source quantities according to equations (2) and (3). Average
from nine positions, i, with standard deviation. Compared with directly measured data (see Figures 3a and 4a).
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Figure 8. Source B on concrete plate: Mobility ratios.
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Figure 9. Source B on concrete plate: Estimated source quantities according to equations (2) and (3). Average
from four positions, i, with standard deviation. Compared with directly measured data (see Figures 3b and 4b).
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Figure 10. Source A on timber plate: Mobility ratios.
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Figure 11. Source A on timber plate: Estimated source quantities according to equations (2) and (3). Average
from nine positions, i, with standard deviation. Compared with directly measured data (see Figures 3a and 4a).
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Figure 12. Differences between the estimated and directly measured quantities for all three case studies.

Source B on the concrete plate (Figures 6b and 8b). Hence the source alters the plate behaviour which can be
explained by considering the mobility ratio shown in Figure 10a. This shows that the difference between YS,eq
and Y c

c is within ±10 dB. However, as described above, one foot differs from the other two feet.
Although the estimated source mobility does not capture the trend of the spectral shape from the directly mea-
sured data, the agreement is better compared to the measurements on the concrete plate at frequencies below
125 Hz (see Figure 11a). The single equivalent free velocity follows the spectral shape of the directly mea-
sured data but does not capture the resonant peaks above 500 Hz. The agreement is within ±5 dB between
80 Hz to 400 Hz with overlapping intervals of the standard deviation. Below 80 Hz and above 400 Hz the dif-
ferences are within ±15 dB.

5 SUMMARY AND DISCUSSION
The experiments indicate the potential of the method as the spectral shape for the single equivalent mobility
and the single equivalent free velocity could be captured on the heavy reception plate. However for all three
considered combinations of sources and receivers, the estimates differ by ±10 dB (using 10lg) for the mobility
and by ±15 dB for the free velocity (Figure 12). The agreement with directly measured source data tends to be
better for higher mobility ratios, R although the frequency trend could also be reproduced for low values of R.
For the considered sources, one foot differed from the behaviour of the other two. In addition the sources had
only a few but very distinct resonance peaks in the considered frequency range. Further work could investigate
the limitation of this method when the individual contact points differ significantly.
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ABSTRACT 

At present the prediction model in EN 12354-5 for sound transmission due to structure-borne excitation from 

building machinery is limited to sources running under steady-state conditions. As machinery noise also 

needs to be assessed under time-varying conditions, building regulations on installation noise in some 

European countries set requirements based on the maximum Fast time-weighted sound pressure level in the 

receiving room. This paper proposes an approach that could predict this information at the design stage and 

validates it using idealised time-varying signals applied via a shaker into a concrete floor. A heavyweight 

reception plate is used to quantify the structure-borne sound power using equivalent continuous levels over 

125ms time periods from which the highest value can be used as the power input into an SEA or SEA-based 

prediction model. An empirical correction (developed in previous work by the authors) is then applied to the 

output from this model to estimate the maximum Fast time-weighted sound pressure level. This approach is 

validated with measurements in a room below a concrete floor (where there is suppressed flanking 

transmission) from which the results show close agreement between predictions and measurements for one-

third octave bands and A-weighted values. 

 

Keywords: machinery, structure-borne sound power, time-varying signals, Fast time-weighted levels 

1. INTRODUCTION 

The structure-borne sound power from a high-mobility source injected into a low-mobility plate 

can be determined according to EN 15657 (1) by using the reception plate method when the source 

operates under steady-state conditions. This can then be used as input data to estimate the steady-state 

sound pressure level in a receiving room using the SEA-based prediction model described in 

EN 12354-5 (2). However, building machinery does not always operate in a ‘steady-state’ and often 

has time-varying operating conditions. At present there is no standardised procedure with the 

reception plate to quantify the structure-borne sound power from time-varying sources. In addition, 

EN 12354-5 is not able to predict the maximum Fast time-weighted sound pressure level (LFmax) in 

the receiving room which is required in some European regulations on installation noise e.g. 

VDI 4100 (3) in Germany.  

In heavyweight buildings it is possible to predict the impact sound insulation due to transient 

excitation in terms of maximum Fast time-weighted sound pressure levels using Transient Statistical 

Energy Analysis (TSEA) (4,5). This requires measurements of the blocked force from the transient 

excitation for which the approach has been validated for heavy impacts from the ISO rubber ball and 

the bang machine on heavyweight floors with and without floating floors (6,7). However, there has 

been a move through the EN 12354 series of standards to simplify the prediction process for the 

building industry, such that it is not feasible to incorporate TSEA calculations in these Standards. 

Hence the aim in this paper is to identify and validate a simpler procedure than TSEA which could be 

used in an SEA-based prediction model like EN 12354-5 to estimate the maximum Fast time-weighted 

sound pressure level from building equipment. This would require input data for time-varying 

structure-borne sound power and ideally this would be based on a modified approach to the reception 

plate method described in EN 15657. 

                                                        
1 steffi.reinhold@liverpool.ac.uk, carl.hopkins@liverpool.ac.uk  
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The underlying principle to this new approach for time-varying structure-borne sound sources is that 

building machinery such as boilers, washing machines, pumps tends to have different operating cycles 

between which an approximately broadband, structure-borne sound power input ramps up and down. 

However, such machinery rarely introduces very short, high level transients in the power input like 

an impact from a dropped object such as the rubber ball which has 20ms contact time (6,7). For this 

reason, it is proposed that the reception plate could be used to identify max{Leq,125ms} and that this 

could be used as input data in an SEA or SEA-based prediction model (i.e. EN 12354-5) with an 

empirical correction to convert the estimated sound pressure level from max{Leq,125ms} to LFmax. This 

empirical correction and the use of 125ms has been assessed in a previous investigation by the authors 

(8) using idealised time-varying signals which ramp up and down. This showed that the empirical 

correction has some dependence on the ramp duration as well as the ramp levels; for ramp levels of 

10dB and all ramp durations the empirical correction was 5dB, for ramp levels of 20/30/40dB and a 

ramp duration of 125ms the empirical correction was 7.5dB and for ramp levels of 20/30/40dB with 

ramp durations ≥500ms the empirical correction was 6dB. 

The current paper builds on the work in (8) to use the reception plate with power injected by a 

shaker with idealised time-varying signals to determine the highest Leq,125ms and then predict the 

maximum Fast time-weighted sound pressure level in a heavyweight building-like situation using an 

SEA model with the empirical correction. The initial comparison is made using one-third octave bands 

but practical assessments of machinery noise often require an A-weighted maximum Fast time-

weighted sound pressure level; hence an energetic summation is used to assess whether an A-weighted 

value could also be estimated from the frequency band data. 

2. EXPERIMENTAL SET-UP 

Twenty wav files of idealised time-varying signals were created in Matlab. These had different 

rising and falling ramp durations of 125ms, 500ms, 1s, 2s and 5s with increasing and decreasing ramp 

levels of 10/20/30/40dB as indicated by the examples in Figure 1. The signals are played into an 

electrodynamic shaker on a reception plate and a floor in a building-like situation in the laboratory at 

Stuttgart (8). 

 

Figure 1 – Example of idealised time-varying signals for all ramp durations with a ramp level of 30dB. 

 

2.1 Reception Plate for Structure-borne Sound Characterisation 

The reception plate test rig at Stuttgart consists of three decoupled plates due to resilient supports 

around the edges (1,9). In this paper, only the horizontal 100mm concrete (low-mobility) plate with 

an area of 5.6m² is used. Three excitation positions are taken for a shaker to quantify the injected 

structure-borne sound power in terms of max{Leq,125ms} in each one-third octave band using the 

proposed weighting factor in (10,11) that combines velocity measurements of all four corners and 

central zone positions (≥ 0.5m away from edges). 
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2.2 Building-like Situation for Structure-borne Sound Transmission 

A floor test facility is used to represent a building-like situation in which there is suppressed 

flanking transmission (using independent wall linings) such that only direct sound transmission from 

the floor is dominant. The concrete test floor is 140mm thick with an area of 19.4m². The receiving 

room has a volume of 51.1m³. 

Three positions on the concrete floor are excited by the electrodynamic shaker to determine the 

vibration field on the floor and the sound field in the receiving room. The spatial-average velocity 

level is determined in terms of max{Leq,125ms} and LFmax on the separating floor using seven 

accelerometer positions (two corner/edge positions and five central zone positions that are ≥0.5m 

away from floor edges). The spatial-average sound pressure level is obtained in terms of 

max{Leq,125ms}and LFmax using four microphone positions in the central volume of the room (>0.5m 

away from room boundaries). 

3. SEA PREDICTION MODEL FOR A COUPLED ROOM-PLATE SYSTEM 

To describe the steady-state sound transmission in the building-like situation, an SEA model of a 

coupled room-plate system is used by considering a homogenous plate (subsystem 1) coupled to a 

receiving room (subsystem 2) – see Figure 2. 

 

Figure 2 – Two-subsystem SEA model for a coupled room-plate system.  

 

The energy balance of this coupled room-plate system is determined from knowledge of the 

vibrational power input into the plate, the coupling between the subsystems and the power dissipated 

through internal and coupling losses to other subsystems (12,13). 

 

The power balance equations for a coupled room-plate SEA model are: 

in,1 11 1 12 1 21 2W E E E      (1) 

12 1 22 2 21 1E E E     (2) 

where Win,1 is the power injected into the plate (1), 11 represents the losses of the plate (internal 

losses and the sum of coupling losses from the plate to connected walls and floors), 22 represents the 

losses of the receiving room (determined from the reverberation time), 12 and 21 are the coupling 

loss factors from the plate (1) to the room (2) and from the room (2) to the plate (1), respectively, and 

E represents the subsystem energies. 

The experimentally-determined input data are the vibrational power of the source, the loss factors 

of the plate and in the receiving room as well as the plate radiation efficiency. The radiation efficiency 

is determined using shaker excitation with white noise from measurements of the sound pressure and 

the plate velocity based on the following equation:  

 2 2 2 2

0 04A p S c v   (2) 

where A is the absorption area of the room, S is the area of the plate, 0 is the air density, c0 is the 

speed of sound,〈p2〉is the spatial-average mean-square pressure and〈v2〉is the spatial-average 

mean-square velocity. 
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4. RESULTS 

4.1 One-third Octave Bands 

To assess the results it is assumed that an acceptable difference between the two-subsystem SEA 

prediction and the measurement is ±5dB for the low-frequency range up to 200Hz and ±3dB for the 

mid- and high-frequency range from 250Hz to 3.15kHz. The allowable error is larger in the low-

frequency range where uncertainties are larger in reverberation time measurements and in the spatial 

variation of the sound pressure and the plate velocity (13). 

Figure 3 shows the difference between predicted and measured velocities in terms of LFmax on the 

concrete floor in the building-like situation. This shows that the SEA model is able to predict the 

measured vibrational response of the concrete floor within the acceptable error limits for all ramp 

durations with only a few exceptions (e.g. 125ms ramp at 50Hz) where the error is up to 1.4dB higher 

than the acceptable error limits. In general, there is no significant offset, although for the 125ms ramp 

the prediction appears to slightly overestimate between 50Hz and 100Hz and for the 1s, 2s and 5s 

ramps the prediction appears to slightly overestimate between 630Hz and 3.15kHz. 

 

Figure 3 – Difference between predicted and measured velocity levels in terms of LFmax (predicted – 

measured). (a) 125ms ramp, (b) 500ms ramp, (c) 1s ramp, (d) 2s ramp and (e) 5s ramp. 
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Figure 4 shows the difference between predicted and measured sound pressure levels in terms of 

LFmax. These differences are similar to those observed for the plate velocity with the prediction model 

having only a slightly higher overestimation than with velocity. For a 125ms ramp there are five 

exceedances of the acceptable error by up to 1.3dB whereas for ramp durations ≥500ms all ramp levels 

are within the acceptable error. However, such differences are similar to SEA predictions of airborne 

or impact sound insulation (steady-state sources) with only direct sound transmission (13). 

 

Figure 4 – Difference between predicted and measured velocity levels in terms of LFmax (predicted – 

measured). (a) 125ms ramp, (b) 500ms ramp, (c) 1s ramp, (d) 2s ramp and (e) 5s ramp. 

 

The above results provide evidence that by using the specific empirical correction for a known 

ramp level and a known ramp duration it is feasible to estimate LFmax within ±3dB. However, on the 

basis that the ramp level and the ramp duration is not known for the majority of building equipment, 

it would be convenient to adopt a single empirical correction that could be used with simplified forms 

of SEA such as in EN 12354-5. The empirical corrections from reference (11) range from 5dB to 

7.5dB; hence it is reasonable to consider 6dB as a candidate for a single empirical correction as this 

is approximately in the middle of this range. The implications of choosing this value are that for ramp 

levels of 10dB it will overestimate LFmax by ≈1dB, but it will exactly correspond to the empirical 

correction for 20/30/40dB with ramp durations ≥500ms. The results using a single empirical correction 
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are shown in Figure 5. These show that for ramp levels of 20/30/40dB and all ramp durations the error 

is within the acceptable limits. With a ramp level of 10dB, the prediction tends to overestimate and 

occasionally this error is outside the acceptable error by ≈1.2dB; however, this simplification still 

seems justifiable for an SEA-based approach like EN 12354-5. 

 

Figure 5 – Difference of predicted and measured sound pressure levels, LFmax using a single empirical 

correction of 6dB. 

 

Note that this paper only considers direct transmission whereas structure-borne sound transmission 

in the field between horizontally, vertically or diagonally adjacent rooms in heavyweight buildings 

will involve flanking transmission. However, in these situations the propagation times for bending 

waves across heavyweight walls and floors are sufficiently short that the use of Leq,125ms should be 

reasonable. 

 

4.2 A-weighted Levels 

This stage assesses whether it is feasible to estimate LAFmax from LFmax values in one-third octave 

or octave bands by subtracting the A-weighting and energetically summing them. The LAFmax 

measurements are carried out with a high-pass filter above 20Hz and a low-pass filter below 6.3kHz. 

For the prediction of LFmax an A-weighting from 20Hz to 5kHz is applied. The frequency-dependent 

LAFmax can be converted into a single value using an energy summation. Table 1 shows the differences 

between the predicted and measured LAFmax. The differences are below 2.5dB which would be suitable 

for most building acoustics applications. 

 

Table 1 – Predicted LAFmax minus measured LAFmax 

Ramp level 10dB 20dB 30dB 40dB 

ΔLAFmax 

(dB) 

125ms ramp 1.9 2.4 1.5 1.6 

500ms ramp 0.4 0.7 0.0 -0.1 

1s ramp 1.1 1.1 0.3 0.6 

2s ramp 1.1 0.8 0.5 0.5 

5s ramp 0.5 0.8 0.8 0.4 
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5. CONCLUSIONS 

Validated procedures have been developed to predict maximum Fast time-weighted sound pressure 

levels in a receiving room due to time-varying vibrational power injected into a heavyweight floor. 

Comparison between SEA predictions and the measured LFmax in one-third octave bands shows that 

the difference is within ±3dB. To simplify the approach, a single empirical correction has been 

assessed that could be used for simplified SEA-based models such as described in EN 12354-5. In 

addition, it has been shown to be feasible to estimate LAFmax from predicted one-third octave band 

LFmax values with close agreement. 

The approach described in this paper has the potential to be incorporated into EN 15657 and 

EN 12354-5 so that estimates of the maximum Fast time-weighted sound pressure level can be carried 

out before machinery with a time-varying structure-borne sound power is installed in a heavyweight 

building. 
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Abstract
EN 15657:2017 [1] describes methods for the determination of the characteristic structure-borne sound power of
building service equipment. The so-called indirect method is based on the use of a reception plate. The method
is robust for the case when the mobility of the source (building service equipment) is significantly higher than
the mobility of the reception plate. The source is mounted on the plane of the reception plate. Therefore the
excitation of the reception plate happens out-of-plane, the measurement is carried out by sensors sensitive to the
component of the out-of-plane movement of the plate. In practice however there are situations which require
the mounting of the source in wall openings, for example roller shutters in window openings or doors. In these
cases the excitation happens in the soffit of the structures, the excitation takes place in-plane. The assumption
then is that primarily quasi-longitudinal waves rather than bending waves are excited in the receiving building
elements, but then a fast conversion of energy from quasi-longitudinal waves to bending waves takes place. A
determination of the characteristic structure-borne sound power should then be possible as in the usual case of an
out-of-plane mounting. To test this assumption the in-plane exitation of two reception plates was experimentally
investigated.
Keywords: Structure-borne Sound, Reception Plate, In-Plane Excitation

1 INTRODUCTION
In the actual version of the German Standard on sound insulation in buildings DIN 4109-1:2018-01 [2] require-
ments on the A-weighted, maximum and normalized sound power level LAF,max,n caused by service equipment
are listed.
In order to predict this level in rooms of interest during the planning phase there is a model available in the har-
monized European Standard EN 12354-5:2009 [3]. As input data the charateristic structure-borne sound power
Psn of the individual service quipment is needed. In the European Standard EN 15657:2017 [1] a measurement
procedure using a reception plate to obtain Psn is described. There the service equipment is installed directly
on the front of the reception plate, the exitation of the reception plate takes place out-of-plane.
In fact it is often the case that the service equipment is not installed on the front, but inside the building element
like e.g. windows or ventilators in walls or roller shutters in the soffit of the window-like opening within a
wall. Therefore one can assume that the exitation of the reception plate resp. building element takes place
in-plane. In order to study the applicability of the reception plate method according to [1] a reception plate
test rig was set up in the new Rosenheim technology center for energy & buildings (roteg) at the Technische
Hochschule Rosenheim. The reception plates are in agreement with the example described in [1], but have
differing geometries. One of the recpetion plates has an opening with size of 1.50 m x 1.25 m. Within this
opening service equipment can be installed und run under realistic mounting conditions if the equipement has to
be installed in the soffit. The reception plate test rig is shown in figure 1; the test rig is built up in accordance
with the sketch of appendix F in [1].
In order to extend the measurement method of the charateristic structure-borne sound power Psn to an in-plane
exitation, several investigations were carried out. First of all the driving-point mobility was determined for
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WinPlate RefPlate

Figure 1. Reception plate test rig at roteg. The reception plate with an window opening is refererred to WinPlate in the text, the
normal reception plate according to [4] is named RefPlate.

in-plane and out-of-plane exitation of the reception plates. Secondly the balance of the input power at the
excitation point and the power of the reception plate was compared.

2 RECEPTION PLATE METHOD
According to the Standard EN 15657:2017 [1] the reception plate method is called an indirect method to de-
termine the characteristic structure-borne sound power of a device, since it is not determined directly at the
device, but by the vibrational energy of the reception plate, where it is mounted on. The installation of the
device on the recpetion plate is done as it is on the building site and the device is then driven under typical
operation conditions. In parallel the spatial average of the square of the plate velocity ṽ2

i , is measured using
N accelerometers on the reception plate. Taking into account the loss factor η and the toal mass m of the
reception plate, the installed structure-borne sound power of the device can be determined according equation
(1)

Ps = m ·η ·ω · 1
N
·

N

∑
i=1

ṽ2
i (1)

The loss factor is usally determined by a measurement of the structure-borne reverberation time, or in the low
frequency range with a low mode density by determining the width of the eigenmodes.
The characterisitic structure-borne sound power is calculated using equation (2), mutliplying the measured
structure-borne sound power of the reception plate Ps by the ratio of the single-euivalent driving-point mo-
bility YR,low,eq of the plate from the mean of all excitation points and the charateristic mobility of an infinte
plate YR,∞,low.

Psn = Ps ·
YR,∞,low

Re(YR,low,eq)
(2)

The recpetion plate method is rather robust in the case that the mobility of the reception plate is much smaller
than the mobility of the source. To emphasize this condition the index low is added.
Due to the normalization according to equation (2) the characteristic structure-borne sound power of different
devices of the same type can be compared, even when the devices have been measured on different reception
plates.
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Figure 2. Loss factors of the RefPlate and the WinPLate; presented are the median and the 25% and 75% quantils.

3 LOSS FACTORS AND MOBILITIES OF THE RECEPTION PLATES
The loss factors of the reception plates have been measured by using the reverberation time method. The
measurement results of the loss factos are shown in figure 2. The results are averaged from three exitation
positions, twelve randomly chossen measurement positions, the evaluation of the results was carried out using
Schroeder backward integration and evaluating T10. The exitation was done by an impact hammer. Due to
the high damping of the elastomer layers supporting the two plates, the loss factors are quite high. By an
experimental modal analysis it was confirmed that at least one bending mode is within each 1/3-octave band.
The small spreading of the measurement results gives rise to be confident in the procedure and in the numbers.
The characteristic mobility of an infinite plate, exited out-of-plane is given by equation (3) with bending stiffness
B according to equation (4), density ρ and plate thickness t [5]. It is frequency indipendent and pure real. The
index oop indicates out-of-plane exitation. The reception plates have a thickness of 10 cm, the size of the
RefPlate is 3,8 m x 2.7 m and of the WinPlate 4,0 m x 2.8 m, the density ρ was determined to 2600(1±2%)
kg/m3, the Poisson ratio ν was chosen to be 0.2, the used value for the elasticity modul E was determined
from a TOF-measurement of the longitudinal wave and from the first logitudinal eigenmode as 47(1± 12%)
GPa. However for further comparisons values from literature are taken (E = 30 GPa, ρ = 2300 kg/m3). In the
Standard EN 15657:2017 [1] the characteristic mobility of an infinite concrete plate of a thickness of 10 cm is
given to YR,∞,low = 5 ·10−6(m/s)/N. It can be calculated using equation (3).

Y∞,oop =
1

(8 ·
√

ρ · t ·B)
(3)

B =
E · t3

12 · (1−ν2)
(4)

The values of the driving-point mobility of the different plates were obtained by an excitation of the plates
at three points, indicated in figure 4a for the RefPlate and in figure 4b for the WinPlate. The measurements
consisted of an average of approx. five hits at each excitation point, averaging the mobilities of the two ac-
celerometers next to the hammer position as shown in figure 3. In fact the mobility at each individual excitation
point was determined from the cross spectrum of force and velocity and the autopower spectrum of the force.
The magnitudes of the complex narrow band mobilities had then be converted to one-third octave band val-
ues and averaged for all excitation points. The magnitudes YR of these averaged driving-point mobilities are
indicated with an index av and an index oop for out-of-plane excitation and ip for in-plane excitation.
Looking at figure 5 it can be noticed that in the case of out-of-plane excitation the agreement of YR,av,oop with
Y∞,oop is quite good for both reception plates, especially above 100 Hz. On a logarithmic scale the deviation is
less than 3 dB.
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Figure 3. Force excitation with an impact hammer and two accelerometers for the determination of the velocity. The situation
shown is the in-plane exitation, where the accelerometers are mounted in the middle plane of the plate.

The characteristic mobility of an infinite plate, excited in-plane, is given by equation (5) [6] with shear stiffness
G, longitudinal stiffness D, plate thickness d and the wave numbers for quasi-longitudinal and transverse waves
kL and kT. Parameter e corresponds to the radius of the indenter. It was measured by colouring the tip of the
impact hammer and determining the size of the imprint to e = 2mm.

Y ∞,ip =
ω

8 · t ·D

[
1− i

2
π

ln
kL · e

2

]
+

ω

8 · t ·G

[
1− i

2
π

ln
kT · e

2

]
(5)

G =
E

2 · (1+ν)
(6)

D =
E

(1−ν2)
(7)

kL =

√
ρ · (1−ν2)

E
·ω (8)

kT =

√
2 ·ρ · (1+ν))

E
·ω (9)

The values of the driving-point mobility for in-plane excitation of the plates were obtained at three resp. five
different points distributed along the vertical face as shown in figure 6.
Figure 5a shows a comparison of the measured mobilities YR,av,ip and the theoretical curve according to equation
(5). As in the case with out-of-plane excitation there is good agreement of the measured mobilities with the
mobility Y∞,ip of an infinite plate above 100 Hz. At lower frequency the mobilies tend to higher values. This
is due to the elastic bearing of the reception plate, which together with the plate forms a mass-spring-system.
Its resonance is at approx. 30 Hz. The decline of the mobilities from the resonance towards higher frequeny
is the mass dominated part of the resonance. In the case of the WinPlate the in-plane excitation was carried
out in horizontal as well as vertical direction. For the vertical direction only one excitation point and one
accelerometer position could be measured since the coherence was bad between the one-third octave bands
160 Hz and 200 Hz. Therefore no results are shown in this frequency range. Also the mass-spring system is
different for horizontal and vertical in-plane excitation, this explains the difference in the low frequency range.
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(a) RefPlate (b) WinPlate

Figure 4. Excitation positions, marked with red crosses - positions 1..3 are out-of-plane exitations, positions 4..6/9 indicate
in-plane exitation. Measurement positions of the accelerometers are marked with black circles for out-of-plane
measurements and with red circles for in-plane measurements.

For the RefPlate the measured mobility shows a distinct resonance at approx.500 Hz, indicated as a black verti-
cal line in figure 5a. This is the fundamental mode of the longitudinal waves. It can be identified also in the
case of the WinPlate with vertical excitation, but at a higher frequency due to smaller dimensions. It is not that
evident for the horizontal excitation of the WinPlate, since the window opening supresses this standing wave.

4 POWER BALANCE
The basic assumption of the reception plate method is expressed in equation (1). The power of the plate Ps
equals the power input at the excitation point Pep. The latter is evaluated according to (10). It is calculated
from the real part of the cross spectrum of force and velocity. Figure 3 shows the measurement setup for the
presented investigations, where the source is realized by the impact hammer.

Pep =
1
2

Re
{

F̂∗ · v̂
}

(10)

In figure 6a and 6b level differences are shown for various combinations of excitation and measurement direc-
tions. The level differences ∆LWs indicate the difference between the direct measured power at the excitation
point Pep and the power of the reception plate Ps.
The level difference has been calculated as average of three individual excitation positions for out-of-plane
excitation. The standard deviation is indicated with error bars. The power balance does hold for the case
of out-of-plane excitation und measurement of the out-of-plane power of the reception plate Ps in both cases,
shown in figure 6a, graph a for the RefPlate and in figure 6b, graph a for the WinPlate. Level differences are
below 3 dB.
The power balance does not hold in the case of an in-plane excitation und measurement of the out-of-plane
power of the reception plate Ps. In both cases level differences exceed values of 10 dB in a wide frequency
range, as can be seen in figure 6a, graph b for the RefPlate and in figure 6b, graph b for the WinPlate .
In-plane excitation was carried out at three excitation positions for each reception plate. Obviously the input
in-plane power is not converted to bending waves at all but remains as quasi-longitudinal waves in the plate,
at least within the measurement time intervall. The reason that the level differences are less for the WinPlate
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Figure 5. Magnitude of the averaged driving-point mobilities for an excitation out-of-plane (oop) or in-plane (ip). Indicated with
dashed lines are also the theoretically expected values for infinite plates. Dotted lines indicate the theoretical values,
when the calculation is performed with the measured material data. Error bars indicate the standard deviation of the
magnitudes from different exitation positions.
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Figure 6. Level difference ∆LWs of Pep and Ps; mean value of three excitation positions together with their standard deviation,
indicated by error bars.
a: oop excitaion, oop measurment (standard case according to EN 15657:2017 [1])
b: ip excitation, oop measurement
c: ip excitation, ip measurement

1261



(approx. 10 dB over the whole frequency range) may be due to the fact, that the discontinuities at the window
opening contributes to a conversion of quasi-longitudinal waves into bending waves.
A much better power balance can be observed by comparing the input power of in-plane excitation with the in-
plane power of the reception plate determined by the accelerometers, which are sensitive to in-plane movement
of the plate. This can be seen from the graphs in figure 6a, graph c for the RefPlate and in figure 6b, graph
c for the WinPlate. Especially above the fundamental longitudinal mode, the power balance is quite good with
differences within 3 dB. This supports the conclusion that energy is stored in longitudinal standing waves and
is therefore not detected by out-of-plane measurement.

5 SUMMARY
The reception plate method according to EN 15657:2017 [1] was investigated on the extension to an in-plane
excitation. The magnitudes of the measured driving-point mobilities show a very sensible behaviour, their spec-
tral shape can be explained to a satisfactory extent.
The power balance between the input power at the excitation point and the reception plate power as the fun-
damental requirement for the application of the reception plate method is achieved for the case in which the
reception plate is excited out-of-plane. In this case dominantly bending waves are excited, which can be mea-
sured by out-of-plane sensitive accelerometer.
However the power balance is not fulfilled to a satisfactory extent if the excitation of the reception plate is
in-plane. The correct determination of the reception plate power in this case needs further investigations.
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ABSTRACT 
Air handling unit (AHU) is generally built in a machine room of a building and controls the temperature in 
multiple office spaces. The motors of AHU generate sound and vibration and have a possibility to cause noise 
problem in office. Accordingly, it is necessary to extract high contributing part of the AHU and apply 
intensive countermeasures to the part quickly. In this study, we attempted to reduce the noise by applying the 
operational TPA to the simple AHU model. In the test, the radiated sound in front of the model was recorded 
and the frequency band which increased the overall noise level was extracted. In addition, operational TPA 
was applied to find out the main contributor to the radiated noise. As the result, the noise at 200 Hz band was 
large and the motor radiated noise was found to be the main contributor. Furthermore, the noise was increased 
in the unit case by the cavity resonance. Then, the inside volume of the AHU was separated using a plastic 
plate for the reduction of the motor noise in the unit. The result showed that the unit radiated noise at the 
frequency band could be decreased well. 
 
Keywords: Air handling unit, Radiated noise, Transfer path analysis 

1. INTRODUCTION 
Air handling unit (AHU) is a system for controlling temperature, humidity and air flow of multiple 

office spaces (1). This system is generally built in a machine room of the building placed on near 
office. Hence, the system may cause the noise and vibration problems to the office spaces by 
transmitting the noise and vibration of the unit. In the noise reduction activity of AHU, finding out 
the main contributors to the radiated noise and applying intensive countermeasure to the part is 
essential to realize the effective countermeasure. However, when the noise problem occurs and the 
people in office recognize it, the unit is already installed and the office is already running. Accordingly, 
we cannot use adequate duration for the analysis and the countermeasure. In such a case, an instant 
analytical technique for obtaining the high contributing part is required.  

In this study, we attempted to utilize operational transfer path analytical (TPA) method to the 
original AHU model to realize the effective noise and vibration analysis for AHU. In addition, we 
actually tried the radiated noise reduction using the analytical results and a fundamental CAE 
technique to verify the effectivity of the method. 

2. NOISE MEASUREMENT OF AIR HANDRING UNIT 
In this study, simple AHU model was made to analyze the radiated noise of AHU as shown in  

Fig. 1 (a). This model was a small size based on a compact AHU system having frame, two fun motors 
and the air ducts. The length, width and height were 400 x 1600 x 800 mm. Each part and the air flow 
image are described in Fig. 1 (b). 
  

                                                        
1 junji.yoshida@oit.ac.jp 
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The radiated noise was recorded at first to grasp the sound characteristics. In the recording, sound 

pressure signal was measured using a microphone positioned at 1 m from the front of the AHU model 
at a height of 1 m as shown in Fig. 1 (a). As the AHU condition during the recording, the supply air 
motor (SA motor) and the return air motor (RA motor) speed were increased from 0 to 3600 rpm for  
20 s. After then, the speed was constant at 3600 rpm for 10 s. Figure 2 shows the averaged A-weighted 
SPL of the radiated noise. 

 
 
 
 
 
 
 
 
 
 

 
Figure 2 – Averaged spectrum of the radiated noise of AHU 

 
Horizontal and vertical axes show frequency and A-weighted SPL, respectively. From this figure, 

A-weighted SPL peaks were found at 100 Hz, 200-250 Hz, and 300 Hz bands. These peaks seem to 
be the main factors deteriorating the quietness of the AHU. Hereafter, we analyze the main 
contributing parts to the radiated noise at the frequency bands using TPA for the effective 
countermeasure to improve the quietness of the AHU model. 

3. FACTOR ANALYSIS OF NOISE USING OPERATIONAL TPA 

3.1 Transfer Path Analysis 
In this section, we applied TPA to find out the main contributing parts to the radiated noise of AHU. 

In many kinds of TPA methods (2-5), we applied operational TPA (OTPA) (4, 5). This TPA method 
was known to be able to calculate the contributions with smaller man-hour comparing with the other 
methods. In the OTPA, input force are not required to be measured but reference point vibrations or 
sound pressures at close to input points and the response point (radiated noise) are necessary to be 
measured simultaneously. The contributions of the response point from the reference points are 
calculated as follows. 

3.2 Procedure of OTPA (4) 
In the OTPA, the individual contributions are calculated by two-step processes. In the first step, 

the transfer function from the reference point to the response point is calculated using various 

 
 
 
 
 
 
 
 
 
 

 

 
 

(a) – Outside view (b) – Internal parts and air flow 
Figure 1 – Air handling unit model
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operational signals measured at the reference and response points. In the second step, each 
contribution is obtained by multiplying the reference point signal by the calculated transfer function. 
The transfer function in this method is calculated using a principal component regression method. The 
calculation procedure is shown in Fig. 3. 

 
Figure 3 – OTPA model using principal compornent regression method 

 
At first, a response signal and multiple reference signals are transposed to frequency-domain 

signals from time-domain signals by fast Fourier transform (FFT). The response signal matrix  [Aout] 
can be expressed by the reference matrix [Ain] and the transfer matrix [H] for each frequency, as 
follows: 

[Aout ] = [Ain ][H] (1) 
The (i, j)-th element in the reference matrix [Ain] is the data at the j-th reference point in the i-th 

fast Fourier transform (FFT), and the (i, k)-th element in the response matrix [Aout] is the data at the 
k-th response point in the i-th FFT. The (j, k)-th element in the transfer matrix [H] is the transfer 
function from the j-th reference point to the k-th response point. Following singular value 
decomposition (SVD), the reference matrix [Ain] can be expressed as follows: 

[Ain ] = [U][S][V]T (2) 
The principal component (PC) matrix [T] is then obtained using the results of SVD, this procedure 

is the same as principal component analysis (PCA): 
[T] = [Ain ][V] = [U][S] (3) 

Where [V] is the coefficient matrix for transposing the reference matrix [Ain] to the PC matrix [T], 
and the (i, m)-th element of [T] is the m-th PC in the i-th FFT. Next, multiple regression analysis 
(MRA) from the PC matrix [T] to the response matrix [Aout] was performed, and the regression 
coefficient matrix [B] was obtained as follows: 

[Aout ] = [T][B] (4) 

[B] = ([T]T [T])-1[T]T [Aout ] (5) 
Where [B] is the coefficient matrix used to transpose the PC matrix [T] to the response matrix 

[Aout], and the (m, k)-th element of [B] is the regression coefficient from the m-th PC to the k-th 
response point. The transfer function [H] is obtained by multiplying the coefficient matrix [V] with 
the coefficient matrix [B], as follows: 

 [H] = [V]([T]T [T])-1[T]T [Aout ] (6) 

[H] = [V][S]- 1[U]T [Aout ] (7) 
The contribution to the response signal from each reference signal [Aout cont] can be obtained by 

multiplying the measured reference signal [Acont] at the contribution separation target condition by the 
calculated transfer function [H]: 

[Aout cont ] = [Ain cont ][H] (8) 
The (i, k)-th element in the contribution matrix [Aout cont] is the contribution at the k-th response point in 

the i-th FFT. This procedure was used to obtain the contributions in this study. 
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3.3 Analysis of High Contributing Part to the Radiated Sound 
Here, we applied OTPA to find the main contributing parts to the radiated noise. We then used the 

radiated sound pressure recorded in front of the AHU model as the response signal. As the reference 
signals, front-back vibration, up-down vibration of SA motor and those of RA motor were employed 
as shown in Fig. 4. In addition, radiated noise near SA motor and RA motor were also used as the 
reference signals. These response and reference signals were measured simultaneously to obtain each 
contribution by OTPA.  

As same as the previous test condition, the radiated noise was recorded when the SA motor and 
RA motor speed was increased from 0 to 3600 rpm for 20 s and the speed was constant at 3600 rpm 
for 10 s as the operational test condition. 

 
Figure 4 – Measurement points for OTPA 

 
To assess the contribution from each reference signal easily, we calculated group contribution 

according to the parts position as shown in Fig. 5. In this case, SA motor group contribution and RA 
motor group contribution were calculated respectively to determine the high contributing part between 
SA and RA motor. The calculated group contributions are shown in Fig. 6. 

 
Figure 5 – Contribution of each reference point and group contribution to the response point  

 

 
Figure 6 – SA and RA motor contributions 

 

1266



 

 

Horizontal and vertical axes of right diagram of Fig. 6 show the frequency and the sound pressure 
level, respectively. Gray solid and black dotted lines show the SA and RA group contribution. As the 
result, the RA motor contributions were observed to high at 100 Hz, 200-250 Hz and 300 Hz bands. 
In addition, the SA motor contributions were also high at 100 and 200-250 Hz bands. Then, each 
motor sound and acceleration contributions were calculated to obtain the detailed contribution of the 
motor respectively. The calculated contributions are shown in Fig. 7 and 8.  

 
Figure 7 – SA detailed contribution 

 

 
Figure 8 – RA detailed contribution 

 
Figure 7 and 8 show the contribution of motor vibration and sound of SA and RA motors, 

respectively. From the SA detailed contributions in Fig.7, the SA motor sound contribu tion was 
calculated as very high at 100 Hz and 200-250 Hz bands. About the RA detailed contribution in  
Fig. 8, the motor sound contribution was also high at 100 Hz, 200-250 Hz and 300 Hz bands.  

From these results of OTPA, both motor sounds were found to be dominant source to the radiated 
noise in front of the AHU at 200-250 Hz. Hence, we focused on the frequency band in the following 
analysis. Figure 9 (a), (b) and (c) shows the SA and RA sound contributions and the sound pressure 
level and transfer function of SA and RA motor sound which compose the contribution. 
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(a) – SA contribution (d) – RA contribution 

  
(b) – SA sound pressure signal (e) – RA sound pressure signal 

  
(c) – SA transfer function (f) – RA transfer function 

Figure 9 – Contribution, sound pressure signal and transfer function of SA and RA motor  
 

As shown in Fig. 9, the contribution peak at around 200-250 Hz band of SA and RA (Fig. 9 (a) and 
(d)) were found to be made by the sound pressure signal (Fig. 9 (b), (e)) and the transfer function  
(Fig. 9 (c), (f)) because both elements had peaks at around the focused frequency. From the results, 
we supposed that the cavity resonance in the unit case of SA and RA motors increased the sound 
pressure level near the motors and the transfer functions to the response point. 

4. COUNTERMEASURE OF AHU NOISE USING OTPA RESULT 

4.1 Eigenvalue Analysis by CAE 
In the previous OTPA, we estimated the main factor increasing the front radiated noise at 200 - 

250 Hz band as the resonance in cavity by utilizing the calculated contribution elements. Here, 
acoustical eigenvalue analysis was carried out to evaluate the estimated factor by using CAE.  
Figure 10 shows the acoustical mode of SA cavity at 213 Hz. Noting that the cavity volume and shape 
of RA was identical of that of SA, hence, the resonance frequency and the acoustical mode became 
the same. 

 

 

 
 
 
 

Figure 10 – Acoustical mode of SA and RA cavity at 213 Hz obtained by CAE 
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As shown in the figure, the acoustic mode along the top-down direction was obtained at 213 Hz in 

the SA and RA cavity. This frequency met where the SPL and transfer function of SA and RA motors 
had peak. Hence, the cavity resonance was clarified to be the main factors of the AHU noise peak at 
200-250 Hz band. 

4.2 Countermeasure 
For the reduction of the AHU noise at the target frequency, we then divided the cavity into 2 spaces 

by using a plastic plate to move the resonance frequency to high as shown in Fig. 11. 

 
Figure 11 – Modified model by separating the cavity using plastic plate 

 
We again carried out the operational test again before and after the modification to verify the 

effectiveness of the countermeasure. Figure 12 (a) and (b) shows the comparison of the averaged A-
weighted SPL near the SA and RA motor before and after the countermeasure. 

 

  

(a) – SA motor SPL  (b) – RA motor SPL 

Figure 12 – Comparison of SA and RA motor SPL before and after countermeasure 
 
Black solid and dotted lines show the motor sound before and after countermeasure. As shown in 

these figures, the SPL near SA and RA motors were observed to decrease about 10 dB at the target 
frequency band. This indicates that the cavity resonance was actually the main factor increasing the 
SA and RA motor noise at 200-250 Hz. 

Then, we recorded the front side SPL of the AHU before and after the modification. Figure 13 
shows the comparison of SPL. 
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Figure 13 – SPL comparison of the front side radiated noise of AHU 

 
Black solid and gray dotted lines are the averaged SPL of the front side radiated noise of AHU 

before and after the countermeasure, respectively. As shown in the figure, the SPL only at 200 
-250 Hz band could be reduced about 5 dB by taking countermeasure to the cavity resonance estimated 
by using OTPA and CAE. From these results, the high contributing part to the radiated noise of AHU 
could be found by applying OTPA and CAE. 

5. CONCLUSIONS 
In this study, we attempted to utilize an OTPA method to the original AHU model to realize the 

effective noise reduction of the AHU. In addition, we applied a fundamental CAE technique to 
evaluate the estimated high contributing part in detail.  

Through the radiated noise measurement at the front side of the AHU, the SPL was large at  
100 Hz, 200-250 Hz and 300 Hz bands in the operational condition. Then, we applied OTPA to the 
radiated noise of the AHU model to find out the main contributing parts. As the result, both SA and 
RA motor sounds and the transfer function to the front side radiated noise of AHU were calculated to 
have high contribution at 200-250 Hz band. From the analytical results, we estimated the cavity 
resonance in the unit case of SA and RA motor were the main factors of the AHU SPL peak.  

Subsequently, we applied an acoustical eigenvalue analysis to the cavity to consider the main factor  
of the AHU noise peak at 200-250 Hz in detail. As the result, the cavity resonance frequency was  
213 Hz and the acoustical mode in cabin was obtained. Accordingly, we separated the cavity volume 
by inserting a plastic plate in the SA and RA motor cavity for the verification of the analysis. 
Consequently, the radiated noise could be decreased about 5 dB only at the target frequency by the 
countermeasure. This revealed that the method could indicate the correct high contributing part to 
AHU radiated noise. 

From these results, the OTPA and CAE method were clarified to have ability to analysis the 
important contributing part to the AHU radiated noise for carrying out quick measurement, analysis 
and countermeasure. 
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Experimental validation of a finite element model for a heavy impact 

from the standard rubber ball on a timber floor 

Xiaoxue SHEN1; Carl HOPKINS2;  

Acoustics Research Unit, School of Architecture, University of Liverpool, Liverpool, UK 

ABSTRACT 

In lightweight buildings there can be problems due to heavy impacts, such as from footsteps in bare feet or 

children jumping. For this reason the standard rubber ball is used in measurement standards to assess heavy 

impacts. In this paper, experimental work on a mock-up timber floor is used to provide benchmark data to 

validate a model using Finite Element Methods (FEM) of the standard rubber ball exciting a timber floor. 

Experimental Modal Analysis was initially used to extract damping information and the Modal Assurance 

Criterion was used to confirm that the FEM model of the timber floor was reasonable. A FEM model was 

then used to predict the time-domain response of the timber floor when excited by a single impact from the 

standard rubber ball which was included in the FEM model. Comparison of these FEM predictions with 

experimental data was assessed using the Frequency Domain Assurance Criterion which indicated 

reasonable agreement with the experimental results. 

 

Keywords: finite element, timber floor, rubber ball 

1. INTRODUCTION 

Heavy impacts on floors in buildings, such as from footsteps in bare feet or children jumping can 

cause annoyance and disturbance. For this reason, two artificial heavy impact sources, the rubber ball 

and the bang machine, have been developed to allow field and laboratory measurements (1). The 

rubber ball is referred to in International measurement standards (2-4)
 
to assess heavy impacts through 

measurement of the maximum Fast time-weighted sound pressure level, LFmax. For heavyweight 

buildings it is possible to predict LFmax using Transient Statistical Energy Analysis (TSEA) (5-8) and 

with Finite Element Methods (FEM) (9-10). However, for lightweight buildings there are no validated 

prediction models that can be used to predict the performance in both the laboratory and the field.  As 

the first step in the development of such a model, this paper concerns experimental validation of a 

FEM model that can predict the vibration response of a small timber floor that is excited by the 

standard rubber ball. 

2. TIMBER FLOOR CONSTRUCTION 

A free-standing timber floor construction was built that can be isolated from the floor by resilient 

supports to minimize the influence of a supporting structure on the dynamic response. The floor is 

comprised of four timber joists (European spruce) at 390 mm spacings and six chipboard sheets with 

tongue & groove connections between them. In total, 96 metal screws were used to connect the joists 

along their mid-line to the chipboard; the distance between screws is 180 mm on the same chipboard 

sheet and 60 mm between those screws at the edge of adjacent chipboard sheets. The properties of the 

floor components are given in Table 1. 

In terms of the boundary conditions, 30 mm thick rubber supports (105 mm  44 mm) are located 

underneath both ends of the four joists. The dynamic properties of the rubber were measured to have a 

spring stiffness of 534,236 N/m and a constant damping ratio of 0.08. 

  

                                                        
1 xiaoxue.shen@liverpool.ac.uk 
2 carl.hopkins@liverpool.ac.uk 
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Table 1 – Timber floor properties 

Floor 

components 

Length 

(m) 

Width 

(m) 

Thickness 

/ Depth 

(m) 

Density 

(kg/m
3
) 

Longitudinal 

wavespeed 

(m/s) 

Young's 

Modulus 

(MPa) 

Poisson’s 

ratio (-) 

Joist 1 

3.6 0.044 0.192 

468 5060 11.98 

0.3 
Joist 2 417 4198 7.35 

Joist 3 434 4508 8.82 

Joist 4 432 4652 9.35 

Chipboard 0.6 1.2 0.022 676 2200 3.35 0.3 

 

3. EXPERIMENTAL PROCEDURE 

3.1 Experimental Modal Analysis 

Experimental Modal Analysis (EMA) was carried out on the chipboard surface of the timber floor 

to identify natural frequencies, mode shapes and modal damping. A force hammer (B&K Type 8200) 

was used to excite the floor on a rectangular grid of 432 points (100mm separation) with three fixed 

accelerometer (B&K Type 4371) positions.  

The Modal Assurance Criterion (MAC) is used to assess correlation between the EMA and FEM 

predicted mode shapes using (11) 

𝑀𝐴𝐶(𝐴, 𝑋) =
|{𝜓𝑋}T{𝜓𝐴}|

2

({𝜓𝑋}T{𝜓𝑋})({𝜓𝐴}T{𝜓𝐴})
 

where 𝜓𝑋 𝑎𝑛𝑑 𝜓𝐴 are mode shapes for the experimental and FEM mode shapes respectively, and 

superscript T indicates the transpose. The experimental mode shapes are complex due to the damping, 

whereas the FEM mode shapes are real. 

3.2 Rubber Ball Excitation 

A standard rubber ball (RION) was dropped from a 1m height onto the timber floor. Two excitation 

positions were identified (see Ref1 and Ref2 on Figure 1); the first is close to the mid-point of the floor 

between joists and the second is close to a joist. Underneath each of these excitation positions was an 

accelerometer (B&K Type 4371) which was fixed using cyanoacrylate glue; this formed a reference 

signal to allow measurement of a complex transfer function for each response point . To measure all 

response points shown in Fig.1, six accelerometers were used to cover all the 432 sample points in 72 

steps. Note that this excluded the two excitation points where the accelerometer was underneath. The 

FFT frequency span was 1.6k Hz with 3200 FFT lines and a 7 Hz high-pass filter. 

The rubber ball was dropped five times at each excitation position to give an average transfer 

function (in terms of the frequency response function H1) for each response point referenced to the 

signal underneath the excitation position. 

Correlation between the experimental and FEM frequency response functions was assessed using 

the Frequency Domain Assurance Criterion (FDAC) as given by (11) 

𝐹𝐷𝐴𝐶(𝐴(ωj), 𝑋(𝜔𝑖))k =
|{𝐻𝑋(𝜔𝑖)}𝑘 

T {𝐻𝐴(𝜔𝑗)}𝑘|
2

({𝐻𝑋(𝜔𝑖)}𝑘 
T {𝐻𝑋(𝜔𝑖)}𝑘)({𝐻𝐴(𝜔𝑗)}𝑘 

T {𝐻𝐴(𝜔𝑗)}𝑘)
 

where 𝐻𝑋, 𝐻𝐴 are the transfer functions of experiment and FE model respectively, and the suffix 𝑘 

indicates the relevant transfer functions have the 𝑘𝑡ℎ sample point as their reference. 
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Figure 1 – Sample points and two reference points 

 

 

4. FINITE ELEMENT MODELLING 

All finite element modelling was carried out using Abaqus v6.14-2. The undamped natural 

frequencies and mode shapes were determined using the LANCZOS solver in Abaqus/Standard. The 

transient response analysis with rubber ball excitation was determined using Abaqus/Explicit. This is 

a general ‘Hard’ contact applied to the coupling between the rubber ball and the timber floor. The total 

simulation time is 1s and the fixed time step is 2 × 10−6 s.  

4.1 Rubber Ball 

The rubber ball is modelled as a sphere using a general purpose conventional shell element, S3R (8) 

with an element size of 15 mm, and shell thickness of 30 mm; this modelling approach was validated 

in (9-10).  

At the time when the rubber ball begins to make contact with the timber floor, a velocity of 4.43 m/s 

is assigned to the ball to simulate the 1m drop height under gravity. The material properties of the 

rubber used in the ball were taken from experimentally-derived data from Hirakawa (10); density of 

1188 kg/m
3
, Young’s Modulus of 3.2 × 106 N/m

2
 and Poisson’s ratio of 0.48.   

4.2 Timber Floor 

Both the chipboard and joists are considered as isotropic solids using ‘S4R’ shell elements with an 

element size of 15 mm. This type of element has six degrees of freedom (dofs) and allows the shell to 

deform in bending direction. The chipboard is regarded as isotropic because it has nearly the same 

strain-stress relationship between the two in-plane directions. To simplify the analysis, the timber 

joists are assumed to be isotropic although wood is typically anisotropic.  

Results from Experimental Modal Analysis (EMA) were used to identify the damping of the floor at 

each mode – see Fig 2. This damping was then applied to both the joists and the chipboard based on a 

Rayleigh damping model defined by 

𝜁 =
𝛼

2𝜔
+

𝜔𝛽

2
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where 𝛼 is the parameter of mass proportional damping, and 𝛽 is for stiffness proportional damping. 

The  term is usually neglected in Abaqus/Explicit because it decreases the stable time increment.  

For the 96 screws, a rigid connection “JOIN” is used to join the two nodes with the same position on 

chipboard and joists, which makes all their active dofs equal. For the tongue and groove structure, the 

multi-point constraint ‘PIN_MPC’ is used to provide a pinned joint between two nodes on different 

chipboard sheets, which makes the displacement equal but leaves the rotations independent of each 

other. For the interaction between chipboard and joists, the ‘Slide-Plane’ constraint is used to ensure 

they have the same translation in the normal direction of the chipboard, whilst relative displacements 

and rotations in other directions are not constrained (8). This is essential to ensure that the joists can 

only move in the vertical direction. 

4.3 Boundary Condition 

Damped, elastic, 1-D spring connectors are positioned at each of the eight nodes at the end of the 

joists which sat on the rubber supports. The measured spring stiffness for the material is 534,236 N/m, 

so each connector is assigned a stiffness of 66,779.5 N/m and a constant damping ratio of 0.08. 

5. RESULTS 

5.1 Experimental Modal Analysis 

The damping identified in EMA was used to calculate suitable Rayleigh damping for input into the 

FEM model. As shown in Figure 2, Rayleigh damping using  and  terms (which can be used in 

Abaqus Modal Dynamics but is not advisable in Abaqus/Explicit because it decreases the stable time 

increment) shows better agreement with EMA data above 300Hz; however, in this paper the focus is on 

the low-frequency performance up to 200Hz for which better agreement is obtained using =37.2 and 

=0. 

 

Figure 2 – Comparison of EMA damping and fitted Rayleigh damping curves. 

 

 

Comparison of the mode frequencies and mode shapes from EMA and FEM is shown in Table 2 for 

the first 12 modes along with MAC values which are plotted on Figure 3. Apart from two modes, the 

errors in the mode frequencies are <10% which is reasonable. In terms of MAC, the first three modes 

are highly correlated and (apart from mode 11) there is reasonable correlation for all the other modes. 

This agreement was considered sufficient to move on to assess the frequency response functions with 

rubber ball excitation. However, model updating will be implemented in the future to improve the 

agreement. 
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Table 2 – Comparison between EMA and FE results 

 

Modes EMA (Hz) FE (Hz) Error MAC 

1 18.6 20.9 12.4% 0.98 

2 21.6 23.7 9.5% 0.96 

3 33.8 36.1 6.6% 0.89 

4 45.0 45.0 0.1% 0.72 

5 47.1 51.5 9.5% 0.67 

6 81.8 67.5 17.5% 0.62 

7 108.4 109.4 1.0% 0.66 

8 132.7 141.5 6.7% 0.79 

9 138.1 138.1 0.0% 0.81 

10 176.0 169.7 3.6% 0.62 

11 181.7 191.3 5.3% 0.42 

12 201.7 184.6 8.5% 0.71 

 

 

 

Figure 3 – MAC for EMA and FEM data. 

 

 

5.2 Rubber Ball Excitation 

FDAC is calculated for the two reference points and plotted in Figure 4. This shows clear diagonal 

lines which indicate that the FEM model agrees well with the experimental results below 200 Hz. 
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Figure 4 – FDAC for the two excitation points: Ref1 (upper) and Ref2 (lower). 

6. CONCLUSIONS 

In this paper, FEM has been used to model a standard rubber ball impacting a timber floor. 

Experimental Modal Analysis on the timber floor was initially used to extract dampi ng information 

and to validate the mode frequencies and mode shapes. A FEM model was then used to predict the 

time-domain response of the timber floor when excited by a single impact from the standard rubber 

ball which was included in the FEM model. Comparison of these FEM predictions with experimental 

data was assessed using the Frequency Domain Assurance Criterion which indicated reasonable 

agreement with the experimental results. Future work will use model updating to improve the FEM 

model. 
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Structure-borne sound sources in timber buildings – prediction of machinery
noise using measured transmission functions
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Abstract
Prediction of machinery noise in buildings involves two stages: (a) the emission of structure-borne sound and
(b) the transmission (i.e. the propagation) across the building structure. This paper concerns the latter in timber
buildings. In previous work a practical approach to predict the equipment sound pressure level using measured
transmission functions was presented. A research project conducted at the Technical University of Applied
Sciences Rosenheim pursued this approach by measuring a range of transmission functions in various timber
buildings. In total a data set of 120 transmission functions measured in 19 timber buildings is now available.
This paper gives a survey of this data by grouping similar constructions and transmission paths. The approach
can be used to derive average transmission functions for similar situations. Those could potentially be provided
in a catalogue giving data in one-third-octave bands. The application of this empirical prediction method is
presented in a case study using a fictive structure-borne sound source in timber buildings.
Keywords: Building noise control; structure-borne sound sources; lightweight buildings

1 INTRODUCTION
To proof the requirements on sound insulation in residential buildings, prediction of sound emission from ma-
chinery and service equipment is required. EN 12354-5:2009 [1] provides a method for prediction in heavy-
weight buildings. However there are no validated prediction tools for lightweight timber constructions that
gained increasing attention in recent years. Hence it is only possible to proof the requirements on sound insu-
lation using measurements in the actual building. To-date the design of constructions and choice of equipment
in terms of machinery noise is based on previous project experience. This leads to oversized constructions that
can be unattractive in terms of the costs. EN 12354-5:2009 is currently under revision to include lightweight
constructions. In previous papers [2, 3] an empirical method was proposed that is based on a data-set of mea-
sured transmission functions. This paper presents the results of a research project at the Technical University
of Applied Sciences Rosenheim that took the definition of transmission function [3] to collect data in field
measurements. The presented results add on to the data presented in [4]. From this data-set representative
transmission functions for similar constructions and paths are derived that can be used to estimate the sound
pressure level from service equipment.

2 DEFINITION OF TRANSMISSION FUNCTION
The transmission function DTF is defined as follows [3, 5].

DTF,k = Lav,k−LW,k (1)

LW,k is the input structure-borne sound power level at an excitation position, k, and Lav,k is the resulting spatial
average sound pressure level in a receiving room. This transmission function can be spatially averaged for K
excitation positions to give an average transmission function, DTF,av, by

DTF,av = 10lg
(

∑
K
k=1 100.1DTF,k

K

)
(2)
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The standardized spatial-average transmission function, DTF,av,nT is

DTF,av,nT = DTF,av−10lg
(

T
T0

)
(3)

where T is the reverberation time in the receiving room and T0 is the reference reverberation time of 0.5 s. To
determine the spatial average sound pressure level at low frequencies the procedure for field measurements of
sound insulation [6] is applied as described in [3].

3 FIELD MEASUREMENTS
The main aim of the research project ’Übertragungsfunktionen im Holzbau’ (Transmission functions in timber
buildings) was to increase the data-set on measured transmission functions in timber constructions. So far mea-
surements are available from 19 buildings including timber-frame constructions as well as constructions using
CLT (Cross-Laminated-Timber) elements. As usually more than one transmission path was considered in each
building, the data-set contains 120 transmission functions. For each situation at least two excitation positions
were averaged although the range of different excitation positions is typically within ±4 dB [3] even for timber-
frame constructions. Each of these measured transmission functions is unique for the specific situation. Hence
representative spectra were derived to estimate the sound pressure level from machinery for similiar situations.
For this purpose groups were defined based on the following criteria:
Transmission path: This criterion describes the path from the excited building element to the considered receiv-
ing room. Direct transmission can be across a separating wall i. e. across a separating floor. Vertical transmission
describes basically the flanking path for an excited wall to the room above or the below the room where the
excitation took place. Similarly diagonal transmission considers the transmission to the room diagonally above
or below the room where the excitation took place. In addition to these examples other transmission paths
were defined from the exciting data-set to give in total 18 different transmission paths. These include also
transmission across two or more junctions.
Type of excited building element: This criterion considers the purpose of the excited building element. This
can be an interior wall within a flat, a separating wall, a party wall or an exterior wall for example. In total
seven different building elements are available from the measured data-set.
Construction of excited building element: As measurements were carried in timber buildings the constructions
comprise mainly timber-frame walls, timber-joist floor or wall and floors built with CLT elements. However
measurements were also carried with excitation in the basement on the concrete or masonry walls. In total nine
different constructions are available from the field measurements.
Additional layers: This can be a floating screed or a facing or facing in front of the base element of the
excited wall or floor. It is distinguished between facings made from timber-frame constructions or using sanitary
systems with metal channels. Different types of floating screed were also considered.
Using these criteria, groups were formed that contain measured data for which all four criteria are the same.
From the data-set of 120 transmission functions 51 unique groups could be formed. However in some of the
groups only one measured transmission function is available so far. In the following, the results for groups
with at least three data-sets are presented. These 13 groups are presented as boxplots to give an indication
on the range within the groups. The data is presented in one-third octave bands for the frequency range from
20 Hz to 1000 Hz. From 20 Hz to 40 Hz, DTF,av,nT is shown as the reverberation time was not available for all
data-sets. At and above the 50 Hz one-third octave band, DTF,av,nT is shown (see dashed line in Figures 1 to 4).
Figure 1 shows four groups for horizontal transmission across different types of walls. Figure 2 shows four
groups for vertical transmission (i. e. excitation of flanking wall) for different types of excited walls. Figure 3
shows three groups for diagonal transmission were cross-juntions and junctions with off-set are considered.
Figure 4 shows two groups that describe the transmission from the excitation in the basement to a rooms in the
ground floor or first floor with timber constructions.
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Figure 1. Transmission path: horizontal/direct
(a) Single framework wall without additional facing, (b) Single framework wall with facing for pipes (also
timber-frame construction), (c) Single framework wall with additional layer made from laths or resilient channels
perpendicular to the wall studs, (d) Party wall, separated framework
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Figure 2. Transmission path: vertical
(a) Exterior wall (T-junction), timber-frame construction, no facing, (b) Exterior wall (T-junction), timber-frame
construction, facing for electric installations, (c) Exterior wall (T-junction), CLT (Cross-Laminated-Timber), no
facing, (d) Interior wall (cross-junction), timber-frame construction, no facing
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Figure 3. Transmission path: diagonal
(a) Cross-junction, timber-frame construction, no facing, (b) Cross junction with offset, timber-frame construc-
tion, no facing, (c) Cross junction with offset, timber-frame construction, with facing
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(a) Basement to ground floor
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(b) Basement to first floor

Figure 4. Transmission path: Vertical from the basement to the ground floor or first floor with timber construc-
tion.

From the data shown in Figures 1 to 4, representative spectra were derived that follow the 75 % quantile (i. e. the
upper bound of the boxes) of the data within each group. Figure 5 shows eight representative spectra for
transmission within a storey or across one or more junctions. For group (VII) and (VIII) there was insufficient
singal-to-noise ratio for most measurements below 50 Hz and therefore the reprentative spectra are available for
one-third octave bands at and above 50 Hz. These representative transmission functions indicate that there is a
typical spectral shape for each of the groups.
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(IV) see Figure 2c
(V) see Figure 2a
(VI) see Figure 3a
(VII) see Figure 4a
(VIII) see Figure 4b

Figure 5. Representative transmission functions.

4 APPLICATION
To show the application of the proposed empirical method, this section uses the representative transmission
functions to estimate the sound pressure for a fictive structure-borne sound source that is fictively installed in
each of the representative situations. This source was introduced and described in [4], where timber-frame and
concrete receiving structures were considered. For the source and receiver mobility a constant value is assumed.
For the source this value is in the order of magnitude of a compact wall-hanging ventilation unit that was
investigated earlier [7]. The value for the receiver structures is in the order of magnitude of the infinte plate
mobilities for a concrete wall, a CLT wall and a timber frame wall. The activity of the source is based on
experience from investigations on source characterization. Scheck et al. [8] showed for various sources, that the
power input from typically drops significantly with frequency. Figure 6 shows the installed power of this fictive
source installed on three receiving structures which occur in the representative transmission functions shown in
Figure 5.
Using the installed power and the representative transmission functions, the sound pressure level for this fictive
source can be calculated for the eight presented representative situations. The results are shown as A-weighted
sound pressure levels in Figure 7. However it has to be noted that focus should not be on the absolute value of
the sound pressure level because a fictive source was considered. Hence the A-weighted sum in the figure cap-
tion is shown normalized to group (I) for the groups (II) to (VI) and normalized to group (VII) for group (VIII).
The A-weighted sum was determined from 20 Hz to 1000 Hz for groups (I) to (VI) and from 50 Hz to 1000 Hz
for groups (VII) and (VIII).
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Figure 6. Installed structure-borne sound power level, LW,inst, of a fictive source [4], fictivly attached to three
receiving structures.

The sound pressure levels indicate the spectral shape for the same source attached in different situations. It
can be seen that the A-weighted sum does not differ for direct transmission across an interior wall with or
without an additional facing as the strength of the source is at low frequencies. Similarly the the sum is only
7 dB lower for a party wall with separated framework although this construction provides a major improvement
towards high frequencies. For vertical transmission, the spectral shape differs for timber-frame walls or CLT
walls but the A-weighted sum is very similar (2 dB difference). Compared to horizontal transmission, the A-
weighted sum of the sound pressure level for vertical transmission is ≈20 dB lower. For diagonal transmission
it is ≈25 dB lower. Similar observations can be made for the transmission from the basement to the ground
floor compared to the transmission to the first floor. Adding one junction (storey) int he transmission path,
the sum of the sound pressure level reduces by 17 dB. Interestingly the sound pressure level for transmission
from the basement to the ground floor is in the same range compared to vertical or diagonal transmission in
purely timber constructions <125 Hz, although the installed power is significantly lower. This is because the
same power is transmitted more effectively from the heavy basement wall to the light timber construction (see
Figure 5).

5 SUMMARY
This paper presented some of the results from a field survey of measured transmission functions. In total 120
transmission functions, measured in 19 timber buildings are available to-date. The proposed empirical approach
for prediction suggests to form representative transmission functions for similar situations from measured data.
Therefore the data was grouped based on the transmission path, the type and the construction of the excited
building element as well the type of an optional additional layer like a floating screed. From these groups
representative spectra were derived. In an example using a fictive source, which was fictivly installed in these
situations, the sound pressure level was calculated. This allows to get insight into the expected sound pressure
for the same source in various transmission situations.
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(a) Direct transmission:
(I) Lp,A,sum = 43dB(A) (20 kHz to 1 kHz)
(II) 0 dB normalized to (I)
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(b) Transmission across one ore more storeys:
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Figure 7. A-weighted sound pressure level for the fictive source installed in situations from Figure 5.
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ABSTRACT 

The bending stiffness is one of the parameters that determines the mechanical behaviour of a plate and 
therefore influences the acoustic performance of building elements. Besides, it appears in the prediction 
models for calculating the sound reduction index, R, or recently the vibration reduction index, Kij. Its 
accurate determination is thus essential in the field of acoustics. The Atomic Energy Research Institute of 
Korea has proposed an interesting measurement technique to determine this parameter in-situ. This technique, 
which uses the time-frequency analysis, has been successfully applied to thin plates. However, this paper 
shows that corrections should be used for thick walls. Some practical considerations are given and some 
measurements results for masonry walls are presented.  
 
Keywords: Material, Properties, Bending 

1. INTRODUCTION 
The vibratory analysis of a plate excited by a hammer hit shows that quasi-longitudinal waves 

(symmetric zero order mode, S0, of the Lamb waves) and bending waves (Anti-symmetric zero order 
mode, A0, of the Lamb waves) can settle in it. This article focuses on those latter. Indeed, they can be 
used to determine the dynamic properties of the plates. 

The traveling velocity of the bending waves depends on the dynamic properties of the wall but also 
depends on the frequency: the bending waves are said to be dispersive. This means that the high 
frequency bending waves are faster than the low frequency.   

The measurement of the traveling velocity of the bending wave’s energy and the adjustment of the 
results on a theoretical curve lead to the determination of the interdependent dynamic properties of 
plates. 

For thin plates, the traveling velocity of the bending wave’s energy is easily measured with 
accelerometers and the well-known relationships between the dynamic properties can be used without 
special precautions. For thicker plates, the relevant signal is more difficult to obtain, and the simplified 
formulas dedicated to the thin plates are no longer valid. 

2. RELATIONSHIP BETWEEN THE DYNAMIC PROPERTIES 

2.1 For thin plate 

In most books on acoustics, the relationships between the dynamic properties of the plates, which 
are proposed, are based on the theory for thin plates and are given by the well-known following 
formulas: 

𝐶 , 2 1.8𝑐 ℎ𝑓                                  (1) 
 

𝑓 √                                           (2)  

                                                        
1 Charlotte.crispin@bbri.be 
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And,   

𝐵                                         (3)                

 With, 
 
𝐶 , , the group velocity of the bending waves according to the thin plate theory; 
h, the thickness of the plate [m]; 
f, the frequency [Hz]; 
𝑐 , the quasi-longitudinal wavespeed [m/s] 
ρ, the density of the plate [kg/m³]; 
B, the bending stiffness [Nm]; 
fc, the critical frequency [Hz]; 
c0, the wavespeed in air [m/s]  
 

Traditionally, the limit for the applicability of these formula is given by Cremer (1): 
𝜆 6ℎ                                             (4) 

 
At high frequencies, additional terms need to be added to take account the shear deformations and 

the rotary inertia (2). These corrections result in a bending wavespeed that is lower than that given by 
the equation for pure bending wave and the above equations are no longer valid. 

2.2 For thick plate 

In his article, Rindel (3) presents an equation for the effective phase speed, cph, in a thick plate. 
This equation is a combination of bending and shear waves. The representation of this function as a 
function of frequency shows at high frequency a convergence towards an asymptote given by the shear 
wavespeed, cs, which cannot be accurately determined. Ross (4) proposes another formula. According 
to him, in a uniform and monolithic plate, the phase velocity of the bending wave can be approximated 
by: 

𝑐 , 𝑐 .

.
                                       (5)  

And the group velocity is given by: 

𝐶 ,
.

,
                                           (6)                 

The adjustment of this theoretical curve on a measured group velocity curve gives the quasi-
longitudinal wavespeed 𝑐 . 
 

For masonry walls, the critical frequency is low enough to use the thin plate theory for its 
determination and for the calculation of the bending stiffness, B, according to Eq.2 and Eq.3 
respectively. 

3. THE EXPERIMENTAL PROCEDURE FOR MEASURING THE TRAVELING 

VELOCITY OF THE EFFECTIVE BENDING WAVE’S ENERGY 
 
Different techniques were tested to measure the bending wavespeed or the longitudinal wavespeed 

(4, 5, 6, 8) in thick plates. In this article, it is the traveling velocity of the bending wave’s energy (the 
group velocity) which is determined and which is used for the calculation of the 𝑐 .  

In their article, Y-C. Choi and Cie (7) present a suitable method to determine the group velocity of 
the bending waves by using a time-frequency analysis. The group velocity equals the distance between 
two accelerometers divided by the time delay between these accelerometers. Being dispersive, the 
group velocity must be given as a function of the frequency. 

 

𝐶 𝑓
∆

∆
                                  (7) 

Where, 
 Δt is the arrival time delay of the bending wave’s energy according to the frequency between two 

accelerometers; 
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Δx is the distance between these two accelerometers. 
The arrival time delay between the accelerometers is obtained by the Wigner-Ville analysis. This 

analysis allows to obtain the energy distribution of a short signal as a function of time and of 
frequencies. The approach of Wigner-Ville is based on the instantaneous autocorrelation function and 
is defined as (9): 

𝑊 𝑡, 𝜔 𝑠 𝑡 𝑠∗ 𝑡 𝑒 𝑑𝜏                    (8) 

Thus, with this time-frequency analysis method, the arrival time delay can be obtained at each 
frequency with a very good time resolution.  

The adjustment of the theoretical curve of Cg,Ross [Eq. 6] on the measured group velocity curve [Eq. 
7] provides then the quasi-longitudinal wave velocity 𝑐 . 

4. EXPERIMENTAL RESULTS 

4.1 Aluminium plate 

A hammer hit is applied on a suspended aluminium plate with the dimensions 1.45 m x 1.35 m x 
0.0025 m (figure 1). The density of the plate is 2153 kg/m³. Two accelerometers are spaced of 0.1 m 
and the impact is given at 0.15 m from the accelerometer 1 on the same line. The signals are recorded 
by a data acquisition system with a sample frequency of 192000Hz. 

 

 

Figure 1 – Picture of the Aluminium plate 

 

Figure 2 – Time signals for the two accelerometers 

 

Figure 2 shows the acceleration signals of the two accelerometers. The Wigner-Ville analysis 
applied to both signals gives their frequency distribution of the energy as a function of time (figure 
3). As expected, and according to the dispersion law of the bending waves, the highest frequencies 
arrive first followed by the medium frequencies and finally by the lowest frequencies. On these graphs, 
the peak magnitudes of the energy distributions are gathered (red curves). The two curves are then 
displayed on the same graph (Figure 4) in order to determine the time delay at each frequency. 

 

  
Figure 3 – Frequency distribution of the energy as a function of time for the two accelerometers 
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The group velocity can be then calculated by applying [Eq.7]. The determination of the first 
dynamic property, the quasi-longitudinal wavespeed , 𝑐 ,  is reached by the adjustment of the 
theoretical curve Cg,Ross [Eq. 6]. The results are shown figure 5. The Cg,thin [Eq.1] of the thin plate 
theories is also presented in this figure.  

For the aluminium plate, the thin plate theory gives nearly the same results than the thick plate 
theory and the relationships Eq 1 to Eq 3 can be used for the determination of the dynamic properties. 

The calculated quasi-longitudinal wavespeed, 𝑐 , is 3632 m/s; the critical frequency, fc, is 7019 Hz 
and the bending stiffness, B, is 37 Nm,. 

This procedure was also successfully applied for the determination of the properties of the 
plasterboards.  

 
Figure 4 – Frequency distribution of the peak 

energy as a function of time for the two 

accelerometers 

 
Figure 5 – The measured group velocity compared to 

the theoretical expressions 

 

4.2 Gypsum block walls 

The wall is composed of gypsum blocks (figure 6). Its dimensions are 2.4m x 4m and the thickness 
is 0.07 m. The block density is 1066 kg/m³. 

This partition wall is in fact a composition of a double wall for which the airborne sound insulation 
was measured (figure 7). The result of this test is important because it shows us that the critical 
frequency falls in the third octave band of 500 Hz. This data will allow us to validate our results.  

For this case, a horizontal line of 8 accelerometers spaced of 0.05 m is used. The impact is given 
at 0.10 m from the accelerometer 1 on the same line. The averaged time delay obtained between all 
of these accelerometers gives a best accuracy on the results. 

The signals are recorded by a data acquisition system with a sample frequency of 204800Hz.  
 

 

Figure 6 – Picture of the gypsum block 

wall and the horizontal line of 

accelerometers 

 
Figure 7 – The sound reduction index of 

the double gypsum wall  
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The exploitable signals are in the first milliseconds because the standing waves set in very quickly. 
A time window is then used to isolate the relevant signals. A low-pass and a high-pass filters are also 
applied. The frequency range of interest is that which gives the wavelengths between 3h and L/3 
(where h is the thickness and L, the width of the walls). In this case: 

0.21 m<λinterest<0.8m 
Or, 

400 Hz < finterest<5000 Hz 
A hammer with a hard head is used to give sufficient energy in this frequency range. Figure 8 gives 

the Wigner-Ville analysis for the first four accelerometers. The distribution curve appears quite clearly 
on the graphs. 

  

  

Figure 8 – Frequency distribution of the energy as a function of time for the first four accelerometers 

aligned horizontally  

Figure 9 – Frequency distribution of the peak 

energy as a function of time for the first four 

accelerometers aligned horizontally 

Figure 10 – The measured group velocity compared 

to the theoretical expressions for the horizontal 

direction 

 
The peaks of the bending wave energy of each graphs are gathered and they are presented on the 

same graph (figure 9). At each frequency, the goup velocity is evaluated between different 
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accelerometers. The light grey curves show these results on figure 10. The red curve represents the 
average of these curves. The adjustment of the theoretical curve according the thin plate theory gives 
inconsistent results because this plate can no longer be considered as a thin plate. 

The adjustment of the Cg,Ross gives: 𝑐   ≈ 1699 m/s. The calculated fc, according to Eq. 2, is then 
536 Hz and the bending stiffness is B=87958 N.m; 

This critical frequency falls in the third octave band of 500 Hz observed on the spectrum of sound 
reduction index, R (figure 7). 

The figures below present the results for the vertical direction. The adjustment of the Cg,Ross (figure 
13) gives: 𝑐   ≈ 1867 m/s. The calculated fc is then 488 Hz and the bending stiffness is B=106156 
N.m; 

This critical frequency falls yet in the third octave band of 500 Hz observed on the spectrum of 
sound reduction index, R. 

 

  

  

Figure 11 – Frequency distribution of the energy as a function of time for the first four accelerometers 

aligned vertically 

Figure 12 – Frequency distribution of the peak 

energy as a function of time for the first four 

accelerometers aligned vertically 

Figure 13 – The measured group velocity compared 

to the theoretical expressions for the vertical 

direction 
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4.3 Brick wall 

This procedure was also tested for a wall composed of perforated bricks (h is 0.14 m and ρ is 900 
kg/m³) an with the same dimensions than the gypsum block wall. The results are summarised at figures 
15 and 16 only for the diagonal direction. The measurements were carried out on the plastered wall 
(Figure 14). 

    
Figure 14 – Picture of the brick wall and the diagonal line of accelerometres 

  

  

Figure 15 – Frequency distribution of the energy as a function of time for the first four accelerometers 

aligned diagonally 

 
Figure 16 – Frequency distribution of the peak energy as a function of time for six accelerometers 
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The adjustment of the Cg,Ross (figure 16) on the results gives: 𝑐   ≈ 900 m/s. The calculated fc, is 

then 506 Hz and the bending stiffness is B=166736 N.m. This estimated fc is consistent with the result 
obtained on the spectrum of the sound reduction index. 

 
The procedure described here for the determination of the dynamic properties is applicable as long 

as the size of the inhomogeneities (the size of the holes in the blocks) is small compared to generated 
wavelengths.   

5. CONCLUSIONS 
The adjustment of a theoretical curve of the group velocity, Cg, on measurement results allows to 

obtain the dynamic properties of masonry walls. The theoretical expression of Cg coming from the 
thin plate theories gives aberrant results because the masonry walls are relatively thick compared to 
the wavelength of the structural waves and they exhibit more complicated dispersions than thin plate. 
It is the Ross’s approximation which is more relevant for thick plate, that should be used to estimate 
theoretically Cg and cph.   

Experimentally, the group velocity is reached by the measurement of the arrival time delay of the 
bending wave’s energy according to the frequency between two accelerometers whose the distance 
that separate them is known. This is the Wigner-Ville analysis, which is used to obtain, with relatively 
good accuracy, these arrival time delays. Practically, the exploitable signals for masonry walls, are in 
the first milliseconds because the standing waves set in very quickly. A time window is then used to 
isolate the relevant signals. A low-pass and a high pass filters are also applied.  

This procedure is applicable as long as the size of the inhomogeneities in the masonry blocks is 
small compared to generated wavelengths.   
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Abstract
This paper investigates and compares three methods for the identification of the flexural wavenumbers in thin
laminated wood panels. Laboratory measurements are performed on a plywood panel, an inhomogeneous and
orthotropic plate, and the propagation characteristics of flexural waves are characterized along five radial di-
rections. The methods considered for the analysis are the inhomogeneous wave correlation method, the Prony
method and the Time-of-Flight (ToF) method. The first two methods are implemented using the same data: a
dense line of points obtained with a scanning Laser Doppler Vibrometer (LDV) and a piezoelectric transducer
as an exciter. The ToF method uses a different data set, gathered using four accelerometers and an instrumented
impact hammer. The results show a remarkable match between the first two methods, while the third method
requires a precise time-domain filtering operation to provide accurate results. Nevertheless, the third method
provides a simple and low-cost alternative to the use of the LDV that can be more suited to in situ measurements.
The accuracy limits of each method, especially in terms of targeted frequency bandwidth are discussed.

Keywords: Wave propagation - Dispersion relation - Inhomogeneous wave correlation - Prony analysis

1 INTRODUCTION
The dispersion curve of a propagating wave into a medium relates the group and phase velocities to the fre-
quency. The wavenumber k, inversely proportional to wavelength λ (k = 2π/λ ), depends on the angular fre-
quency ω and the phase velocity cp following the relation k = ω/cp. Accessing the wave propagation character-
istics can thus be achieved by performing wavenumber identification or phase speed measurement as a function
of frequency.
Wavenumber measurements in a one- or two-dimensional structure can be used for estimating material’s proper-
ties [1, 2], structural loss factor [3, 4], or for damage quantification [5]. Wavenumber estimations can be further
used for calculating a large number of vibroacoustic indicators (sound transmission loss, modal density, radia-
tion efficiency). Wavenumber analysis is also of great interest when highly complex structures like sandwich [6]
or ribbed panels [7] are under consideration. Another example is cross-laminated timber [2] which is made of
several successive layers, each usually perpendicular to the adjacent one (contrarily to glued-laminated timber
that has laminations all oriented in the same way).
Among the numerous existing wavenumber identification methods, few examples are (1) the iterative method
relying on sparse measurements [8]; (2) the use of laser-ultrasonic technique [9]; (3) the maximum likelihood
method [10]; (4) the spatial Fourier transform, SFT [11]; (5) the inhomogeneous wave correlation, IWC [1,
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12]; (6) the Prony analysis [13]; (7) the spatial Laplace transform [14] and (8) the Time-of-Flight (ToF) or
phase difference method [15, 16]. Existing methods can be classified according to their frequency range of
applicability, as was proposed in [17], to their robustness to test conditions, their ability to distinguish angle-
dependent wavenumbers and finally with the final result they provide (real part of the wavenumber, imaginary
part or both). In [18], the SFT and IWC methods were compared in the case of the measurement of dispersion
curves in a beam made of cross-laminated timber and a polyamid beam with periodically varying thickness.
In this paper, the respective performances of IWC, Prony analysis and TOF method are compared in the case
of a wooden plate (an inhomogeneous and orthotropic plywood panel). Each method is briefly introduced in
Sec. 2, and their pros and cons are then discussed in Sec. 3 in terms of setup, post-processing complexity and
results precision as a function of a target frequency bandwidth.

2 TESTED WAVENUMBER IDENTIFICATION METHODS
2.1 Inhomogeneous Wave Correlation Method
The inhomogeneous wave correlation (IWC) method compares the signal acquired along a mono-dimensional
array with the propagation of an inhomogeneous wave travelling in the same direction õ(x,k) = eikx, k being
an unknown complex wavenumber with values that can be varied between the limits defined by the distance
between the measurement points [1].
The IWC function is defined as:

IWC(k) =
|
∫

s̃( f ,x) · õ∗ (x,k)dx|√∫
|s̃( f ,x)|2dx ·

∫
|õ(x,k)|2dx

(1)

where s̃( f ,x) is the transfer function measured at different points, and õ∗(x,k) is the complex conjugate of the
inhomogeneous plane wave described in the frequency domain. The integral in Eq. 1 is approximated by a
summation for implementation purposes. For each frequency, the IWC function will reach a maximum when
the measured signal better correlates with the inhomogeneous wave and therefore the estimated wavenumber can
be read at this point.

2.2 Prony Analysis
Prony Analysis (PA) is a parametric method that fits a sum of damped complex exponentials to a signal sam-
pled at equally spaced data points. While Fourier series model a signal with undamped complex exponentials,
this method allows the estimate of the damping coefficients, besides frequency, phase and amplitude [19]. The
Prony’s method was implemented using the built-in Matlab R© prony function, that computes the z-transform of
the matrix of the input signals s̃( f ,x) as a ratio of polynomials. The numerator and denominator coefficients
are first calculated, the ratio of the two polynomials is then converted into a partial fraction expansion and the
residues and the poles are finally used to compute amplitude, complex wavenumber and damping of propagating
modes (each mode is described by different coefficients in different frequency ranges). The following proce-
dure was followed: (1) the dispersion relations are calculated using Prony’s method; (2) a theoretical model
is used to identify the mode of interest, namely Rindel’s approximation to Mindlin’s theory for acoustically
thick plates [15]; (3) the points belonging to the target mode are selected though the definition of a tolerance
range; (4) for each point of the vector k, the point that lies closer to the theoretical model is selected and the
associated coefficient is stored; (5) the same coefficient is used to select wavenumber, amplitude and damping.

2.3 Time-of-Flight (ToF) or phase difference method
When the ToF method is applied in the time domain [2], cross-correlation analysis between impulse responses
measured at a couple of receivers is typically used. The use of the Fourier transform of the cross-correlation [15,
16], the Cross-Power Spectral Density (CPSD), is generally preferred and will be used in this work (the imagi-
nary part of the CPSD of signals measured at two locations corresponds to their unwrapped phase difference).
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Figure 1. (a) Global view of the measurement setup; (b) Laser Doppler Vibrometer (LDV) measurements; (c)
Impact hammer measurements.

Using an impact hammer as a transient source, and two accelerometers spaced by a distance r, the impulse
responses measured at the accelerometers are first windowed in the time domain so as to separate the direct
field contribution from reflections on the panel’s edges. Applying the CPSD and dividing the unwrapped phase
difference by r provides the real part of the bending wavenumber. The Matlab R© built-in cpsd function has been
used, implementing Welch’s method. Compared to other methods for the ToF estimation, this method has the
advantage that it can be applied to impulse responses suitably windowed, and does not require the generation
of single frequency bursts, which would require the use of a shaker or a piezo as an excitation source [2].

3 MEASUREMENTS
Measurements were performed at the laboratories of the Groupe d’Acoustique de l’Université de Sherbrooke
(GAUS), Canada. The test plate is a 5-layer red spruce plywood panel, with dimensions 0.6 m x 1.22 m, 16 mm
thickness and mass density ρ = 480 kg/m3. The low quality of the panel does not ensure the single layers
having a homogeneous thickness or mechanical parameters from section to section (the respective thicknesses
of the layers are approximately 2.5/4/3/4/2.5, in mm). The orthotropic factor, calculated as the ratio of the
rotational inertia along the two principal directions, is 4.6. The surface layers have a high quality while the
inner layers can have missing and non-missing knots. This low homogeneity can be reasonably overcome when
the measurement mesh spans a dense line, while it can become critical when only a few measurement points
are considered.
A global view of the setup is provided in Fig. 1(a). Measurements were performed along five radial directions
uniformly distributed between 0 and π/2 radians. In the following, ‘0’ angle refers to the direction parallel to
the grain of the outer ply, having the highest rotational inertia, while ‘π/2’ angle will refer to the direction
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characterized by the lowest rotational inertia, perpendicular to the first. The panel was kept in place using a
supporting frame with three clamps, and the panel’s edges were covered with a damping paste to minimize
reflections.
Two different measurement setups were used. Prony’s method and the IWC method are implemented on a set
of data measured along lines. The acquisition of the out-of-plane velocity of the plate was made using a 3D
Polytec Laser Doppler Vibrometer. To enhance the Signal-to-Noise Ratio (SNR), small strips of reflective tape
were attached to the panel. Flexural waves were generated using a rectangular piezoelectric actuators embedded
in a resin mould with magnetic clamps [20], that helped the correct positioning on the plate (see Fig. 1(b)).
Measurements were performed in the frequency domain (resolution of 6.25 Hz, 70 averages) using a pseudo
random excitation. The measurement points were equally spaced (∼3 mm) spanning an overall length of 30
cm, corresponding to 101 measurement points.
A parallel set of measurements was conducted using an instrumented hammer for the generation of pulses and
four accelerometers as receivers, which were fixed on the plate at a distance of 0, 0.025, 0.125 and 0.30 m
from the origin of the measurement array used for the laser vibrometer (Fig. 1(c)). The sampling frequency
was set to the highest available (65,536 Hz) so as to obtain the smallest time resolution. The real part of the
wavenumber was then calculated using the ToF method previously described. Particular attention was paid to
the choice of the suitable time window that should be used to isolate the direct field from reflected waves.
Two different time windows were tested: (A) a Blackmann-Harris window with a length corresponding to the
span in which the signal keeps the same sign; (B) a force-exponential window (a flat portion spans the time
lag between the beginning of the impulse response and the first change of sign occurring after the first local
maximum; a steep exponential then damps the signal).

4 RESULTS AND DISCUSSION
Figure 2 reports the results obtained using the three methods in the 300-10,000 Hz frequency range. It should be
noted that the Prony analysis revealed that only the A0 mode propagates in the frequency range 0-20 kHz. The
lowest frequency considered in the analysis is 300 Hz, due to the limitations arising from the finite dimensions
of the measurement mesh that leads to largely biased results (see zoomed sub-picture in the 0-500 Hz frequency
range in Figure 2 for the π/4 angle). The results obtained with the IWC and the Prony’s method give consistent
results over the whole considered frequency range. Besides a spurious dip displayed for the IWC method in
along the π/8 direction around the 2,000 Hz frequency, the two methods provide similar dispersion curves.
For the ToF method and for each radial direction, six dispersion curves are calculated that relate to the different
distances that can be obtained using the four measurement points. For each combination, the two time windows
were used, and their effect was monitored on all the data available. Therefore, a total of twelve dispersion
curves are obtained per each radial direction. In order to provide a first comparison among all data, the results
of Prony’s method were taken as a reference and, for each dispersion curve, the relative error between the
analyzed curve and Prony’s reference curve was calculated and averaged in frequency. This operation was
repeated for each direction of propagation and the results were sorted out so as to identify the combination of
factors (distance, window) that returned the lowest error in a selected frequency range. It is also noted that
in this preliminary study, only a single measurement is considered for each method even if several consecutive
tests were performed. The repeatability of each measurements will be studied in a subsequent study as well as
a comparison of mean relative error between Prony’s and IWC methods.
The results are reported in Table 1. The cells filled in green represent the lowest value of the average absolute
error, while the yellow cells contain values that are ≤ 5%. The miniature impact hammer is designed to have
a linear response up to 20,000 Hz, but in the presented case, most of the spectral energy lies below 5,000 Hz.
For this reason, the metrics discussed above are evaluated over two different frequency ranges and the last one,
300-5,000 Hz, gives consistent results for all the analyzed distances. The largest deviation from the reference
results are found for the the measurements performed along the 0 radians direction, see Table 1. Nevertheless,
it appears that provided a large separation is used between the two sensors, the phase difference method can
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Figure 2. Comparison between the results along the five considered angular directions obtained using Prony
Analysis, the IWC method and the ToF method (a separation distance of 0.275 m and a force-exponential time
window were used in this case).
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Table 1. Mean value of the relative error (%) calculated between results obtained with ToF analysis and Prony’s
method in two frequency ranges: 300-10,000 Hz and 300-5,000 Hz. Separation distances are sorted by increas-
ing values: 0.025, 0.100, 0.125, 0.175, 0.275 and 0.300 m. The green cells indicate lowest frequency-averaged
relative errors values, while yellow cells the values the lie within a 5% tolerance.

Direction Window Distance 1 Distance 2 Distance 3 Distance 4 Distance 5 Distance 6
(radians) 0.025 m 0.100 m 0.125 m 0.175 m 0.275 m 0.300 m

300-10,000 Hz

0 A 31 13 12 12 8 6
B 21 14 14 13 7 5

π/8 A 8 11 9 7 2 2
B 6 10 9 6 1 1

π/4 A 24 12 14 3 5 7
B 26 15 17 2 6 7

3π/8 A 11 15 14 2 5 6
B 12 7 7 2 3 3

π/2 A 17 41 36 15 7 7
B 26 44 40 17 6 7

300-5,000 Hz

0 A 45 11 15 23 12 9
B 35 14 17 22 10 8

π/8 A 10 4 4 3 2 2
B 9 4 4 3 1 1

π/4 A 6 4 5 3 1 1
B 12 4 5 2 1 1

3π/8 A 6 5 5 2 2 2
B 7 5 5 2 1 2

π/2 A 5 13 11 9 1 1
B 7 10 9 7 1 1

provide very similar results to Prony’s method with reduced instrumentation.
The dispersion relations calculated considering separation distance no. 5 and the time window type B are
plotted in Fig. 2 together with the results estimated with Prony analysis and the IWC method. Though the
best fit between the three methods is clearly found up to 5,000 Hz, the results are shown in a wider frequency
range, from 300 to 10,000 Hz. Note that a zoomed plot is provided in Figure 3b in the ‘0’ radians direction
and in the 2,500-5,000 Hz frequency range, in which it appears that some localized differences can be found
between the three methods. When identified wavenumbers are plotted as a function of angle and frequency, the
anisotropy of the plywood panel is clearly visible (see Figure 3a). The larger propagation speed (i.e. smaller
wavenumber values) might partly explain the large errors seen in this direction for the ToF.
Concerning computational time, the Prony analysis and the IWC method were implemented on the same set of
data, and the calculation times were respectively 5 s and 366 s. Prony analysis is thus way much faster and
directly provides information concerning all propagating modes in the structure, estimating k as a complex value.
For the IWC, estimating the imaginary part of the wavenumber can be troublesome especially for materials with
small structural loss factor [1]. The computational time required for the computation of the CPSD is based on
a different set of signals, and therefore cannot be directly compared to the two other methods, but the time
required to evaluate the 6 dispersion relations (derived from the combination of source and receivers) is 0.8 s.
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Figure 3. Comparison between wavenumber identification results along the five considered angular directions
obtained using the three tested methods; (a) polar representation of the results at 2,500 and 5,000 Hz and (b)
zoomed plot on the 2,500-5,000 Hz frequency range of the dispersion curves for the ’0’ radians direction.

5 CONCLUSIONS
The analysis presented in this work aims at evaluating three different methods for the identification of the
flexural wavenumber in a plywood panel, and under which conditions they could be considered consistent. The
analysis was carried out through measurements performed in five radial directions. Two different measurements
setup were implemented: the first, using a piezoelectric actuator and a Laser Doppler Vibrometer scanning an
array of 101 points, and processing the data using the Inhomogeneous Wave correlation method and Prony
analysis. The second, using an impact hammer and four measurement points, and computing the ToF from the
calculation of the cross power spectral density of the signals, previously time-windowed.
Results show that the inhomogeneous wave correlation method and Prony analysis are generally in good agree-
ment over the whole frequency range of analysis, and for all radial directions considered. The phase difference
method was analyzed through the comparison of the average error from Prony’s curve, that was taken as a
reference. For the ToF, the best results were obtained using the force-exponential window (even if no firm dif-
ference was found between the two suggested time windows) and using the largest separation distance between
accelerometers. In this case, an average calculation of the relative error in the frequency range 300-5,000 Hz
provides a value of 1% for most of the radial directions.
In the light of this preliminary analysis and if only the real part of the wavenumber is sought, the ToF method
appears to be a good alternative to Prony’s method provided that large separation distance is used between
sensors. If the complex wavenumber has to be identified, one should preferably choose Prony’s method because
it will lead to a clear reduction of computation time compared with IWC method. Future work will address an
exhaustive comparison between the three methods, including repeatability and reproducibility.
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Abstract
The evaluation of the vibrational field on a certain surface has a great importance in noise control engineering
applications. It can be helpful, both for noise reduction purposes, and diagnostic purposes, in product optimi-
sation, or in order to characterise the mechanical properties of the vibrating structure. Accelerometers are still
the most used sensors to measure vibration. However, contactless transducers, such as scanning laser doppler
vibrometers (LDV), have been widely used recently, presenting several advantages. Near-field acoustic holog-
raphy may represent a valid alternative to LDV, in order to reconstruct the vibrational field on a surface from
sound pressure measurements performed with an array of microphones. This paper presents the preliminary
results, of a ongoing project regarding the use of near-field acoustic holography to characterise the elastic and
acoustic properties of a lightweight building structure. The used test rig allows to scan the sound pressure over
the vibrating surface on a grid of points, using an array of microphones. The panel’s dynamic response was used
to evaluate its elastic properties. The reliability of this experimental approach was assessed by comparing the
results with the ones obtained using miniature accelerometers. These elastic properties were finally used as input
data to model sound transmission through the plywood panel using the transfer matrix method, investigating the
accuracy by comparing the numerical results with the experimental sound insulation.
Keywords: near-field acoustic holography, building acoustics, mechanical characterisation, structural wavenum-
bers

1 INTRODUCTION
Nowadays, lightweight solutions are increasingly employed in building construction, as in many other fields
of engineering, since they present several advantages compared to traditional massive systems. However, since
these systems cannot rely on their mass to provide a satisfying sound insulation, it is necessary to properly
design and optimise each building partition, in order to guarantee a comfortable indoor environment, providing
an adequate acoustic performance [1, 2, 3, 4]. Several models have been proposed by different authors in order
to accurately predict sound radiation from and sound transmission through building partitions [5, 6, 7, 8, 9, 10].
To this purpose, the elastic properties of the materials the considered partition is made of are required as input
data by all the different vibro-acoustic simulation models [11]. Several experimental methods can be used in
order to evaluate the mechanical characteristics of the different elastic or viscoelastic materials employed in
building construction [12, 13, 14, 15]. Lately, wave correlation approaches have been successfully adopted in
order to determine the experimental wavenumber dispersion relation, which can be used to evaluate the elastic
and the damping properties of the investigated structure [16]. In order to apply such methods, the dynamic
response of the investigated structure due to a broadband mechanical excitation needs to be measured along
a line of equally distributed points. Measurements of the vibrational filed are commonly performed by using
accelerometers attached to the surface of the vibrating structure. By using miniature transducers, it is possible
to investigate a wide range of materials, even though contactless transducers are sometime preferred, in order
to avoid any small influence of added masses on the dynamic response of very lightweight elements. Besides,
the measurement performed by using accelerometers requires a great time effort in order to have a good spatial
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resolution. By using a scanning laser doppler vibrometer (LDV), having the possibility to automatically move
the laser beam over the different grid points, the time required to measure the dynamic response over the
entire surface can be drastically reduced. Moreover, it also allows to overcome the issue of the influence of
added masses on the dynamic behaviour of the investigated structure. By using near-field acoustic holography
(NAH) [17, 18] or very-near-field acoustic holography [19], it is possible to reconstruct the structural dynamic
response from acoustic measurements, performed with an array of microphones. Such experimental approach
can be used in order to measure the dynamic response of a given structure by using contactless transducer, as a
valid alternative to optical-based approaches. The good agreement of NAH measurements compared to standard
LDV was proven by Martarelli and Revel [20], also highlighting the advantages and disadvantage of these two
methods.
In this study, a plywood panel was experimentally investigated, by using a test rig specifically designed to
characterise the dynamic behaviour of lightweight building partitions. The dynamic response of the structure
was determined by using an array of microphones as described in section 2. By using a wave correlation
approach, the wavenumber dispersion relation, associated to a given propagation direction was evaluated. From
the vibrational field measured over a line of points it was possible to evaluate the velocity of the structural
wave propagating in that direction, which in the case of a point-force mechanical excitation, is strictly related
to elastic properties of the investigated element. The reliability of the results has been determined by comparing
the wavenumber dispersion relations and the elastic properties derived from sound pressure measurement with
the results obtained form accelerometers, as discussed in section 3. The evaluated elastic properties were finally
used as input data to model sound transmission through the plywood panel by using the transfer matrix method.
The accuracy was investigated comparing numerical results with the experimental sound insulation. Finally, the
possible future developments of this approach are discussed, since it offers several possibilities for a complete
vibro-acoustic experimental characterisation of lightweight structures: for example the experimental evaluation
of the damping properties, or the resonant radiation efficiency [21] of the investigated structure.

2 EXPERIMENTAL MEASUREMENTS
2.1 Experimental Setup
The used test rig is constituted by a steel frame, in which a small rectangular sample, with a surface area of
approximately 1 m2 (Lx = 0.98m, Ly = 1.18m), can be installed. Two moving parts allow the investigated plate
to be held in place by clamping all the four edges, as shown in Figure 1(a). The height of the frame can be ad-
justed in order to place a shaker, representing the exciting source, underneath the panel. A two-direction sliding
carriage, hosting 9 microphones, is mounted on the top of frame, as shown in Figure 1(a,b). The shaker needs
to be encapsulated within a wooden box, internally lined with porous material in order to reduce the sound field
generated by the shaker, which could influence the measurements. It was rigidly attached to the investigated
structure, a 15 mm thick plywood board made of 5 thin plies with density ρ = 400Kg/m3, and driven with
a 10 seconds exponential sine sweep from 20 Hz up to 6000 Hz. In order to evaluate the dynamic response
of the investigated plate, the sound pressure was measured by using 9 PCB 1/2′′ microphones simultaneously,
placed at a stand-off distance r from the radiating surface, as shown in Figure 1(c). The microphones were
previously calibrated in amplitude, by using a B&K type 4231 sound level meter calibrator. By installing an
impedance head between the shaker stinger an the panel’s surface it was possible to obtained the input force
and acceleration of each single measurement. All the acquired signals - force, acceleration and sound pressure
- were then convolved with the inverse filter of the sine sweep to obtain the impulse responses (IR) of that
particultar suorce receiver configuration [22], a well established experimental technique widely used in room
acoustics [23]. In order to guarantee the same relative phase relationship between the signals acquired by non-
simultaneous measurements, the IR associated to each input channel was aligned in time with a reference IR,
represented by the force signal of the impedance head transducer, placed on the shaker’s stinger. The complex
spectra of the IRs were obtained by means of a fast Fourier transform algorithm.
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Figure 1. Test rig for the mechanical characterisation of lightweight panels: (a) exploded diagram of the testing
frame and the scanning microphone carriage; (b) views of the the scanning microphone carriage; (c) digram of
the sound pressure scanning system.

2.2 Material characterisation
The set of measured IRs can be used in order to evaluated several physical properties and acoustic descriptors
of the investigated structure, such as its elastic and damping properties, its resonant radiation efficiency and
the point mobility. The results presented in this paper are focused on the determination of the panel’s elastic
properties from sound pressure measurements. Many different techniques can be used to determine the elastic
properties of a structure, based either on resonant methods [13], or on wave propagation analysis, performed
both within the audible frequency range [24] and in the ultrasound domain [25]. However, the wave correlation
approches [16, 26] are particularly suitable to the experimental setup presented in the previous paragraph. The
wavenumber dispersion relation can be obtained by maximasing the correlation function between the structural
dynamic response, measured along a line of equally spaced positions with a propagating wave. One of the most
commonly used approaches is known as inhomogeneous wave correlation method (IWC) [27]. This method
was applied in order to evaluate the elastic properties of the investigated plywood panel. The panel’s dynamic
response was evaluated from sound pressure IRs measured on a number of points in line with the excitation
position, equally spaced at ∆x = 2.5 cm apart, along the two principal directions. For each angular frequency
ω the complex spectra w̃(ω,x) is correlated to an inhomogeneous propagating wave õ(x,kr,ki) =−i(kr + iki)x,
by the function:

I (kr,ki) =

∣∣∑N
i=1 w̃(ω,xi) õ(xi,kr,ki)

∣∣√
∑

N
i=1 |w̃(ω,xi)|2 ∑

N
i=1 |õ(x,kr,ki)|2

(1)

The structural wavenumber is determined by maximising the function I (kr,ki) given in Eq. 1. The real part
kr of the complex wavenumber is strictly associated to the elastic properties of the panel, while its imaginary
part ki is proportional to the structural damping. Being interested in the panel elastic characteristics, rather then
in its damping, the imaginary part has been neglected: ki = 0.

3 RESULTS
The elastic properties of the investigated panel were determined by fitting the experimental wavenumbers, ob-
tained from the wave correlation approach described in the previous section, with the analytical dispersion curve

1304



0 500 1000 1500 2000 2500 3000 3500 4000 4500 5000

frequency [Hz]

0

10

20

30

40

50

60

70

80

90

100

w
a

v
e

n
u

m
b

e
rs

 [
ra

d
/m

]
k

sound pressure

k
p,!t,M

k
acceleration

k
a,!t,M

k
p,!t,K

Figure 2. Comparison between the experimental wavenumber dispersion relation determined by using the wave
correlation approach from sound pressure measurement kp and acceleration measurements ka, and between the
curves obtained by analytical fitting ki, f it, j.

derived from Mindlin’s theory for thick plates.

k4
M−

[
k2

L +

(
kS

T

)2
]

k2
M− k4

K +
(kLkS)

2

T 2 = 0 (2)

where kL and kS represents respectively the longitudinal and shear wavenumber propagating in the plate, T is a
coefficient to take into account that the shear stress is not constant over the panel cross-section and kK is given
by the Kirchhoff’s dispersion relation for thin plates:

kK =
√

ω
4

√
12ρh(1−ν2)

Eh3 (3)

Moreover, in order to evaluate whether the thin plate assumptions are verified for the investigated structure
within the entire frequency range, the experimental wavenumeber were also fitted with Kirchhoff’s dispersion
relation, given in Eq. (3): were ρ is the panel density, h its thickness, ν its Poisson ratio and E the elastic
modulus, which represents the fitting parameters.
In order to reconstruct the vibration velocity field from the sound pressure measured in the vicinity of the panel
surface an adequate transfer function should be applied. However, as first approximation the wave correlation as
been applied directly on the sound pressure IRs measured along a line of points. A first validation of the method
is performed by comparing both the experimental and the fitted wavenumber dispersion relation obtained from
sound pressure measurements, with the results obtained from acceleration measurements. As show in Figure 2,
a good agreement is found between the two experimental data set. In both cases are evident some fluctuations,
even though it is possible to accurately fit the experimental wavenumbers with the analytical dispersion relation,
obtaining consistent curves. Moreover, a good agreement is also found between the dispersion relations obtained
by the fitting procedure of the experimental data by using Eq. (2), kp, f it,M , and Eq. (3), kp, f it,K ; proving that
the thin plate theory is suitable to describe the plate motion within the investigated frequency range.
In order to asses the influence of the stand-off distance, the sound pressure IRs were measured both at 5 mm
and at 20 from the panel’s surface. As shown in Figure 3, no significant difference were found by comparing
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Figure 3. Comparison between the wavenumber dispersion relations determined by using the wave correlation
approach from sound pressure measurements performed at 20 mm and at 5 mm from the panel surface.

the experimental and the fitted dispersion relation obtained from this two sets of measurements. However, in
order to further investigate the influence of the stand-off distance it is necessary to analysis the reconstructed
velocity field over the panel surface.
At this stage of the study, the main goal was to characterise the structure’s elastic properties in order to de-
termine the input data required for vibro-acoustic simulations. The structural wavenumbers were investigated
along both the plate’s principal directions, in order to take into account a possible orthotropic behaviour. The
elastic moduli obtained from the three different set of measurements are reported in Table 1. A good trend was

Table 1. Elastic modulus of the plywood plate obtained from wavenumber fitting.

Ex,p,20mm[Pa] Ex,p,5mm[Pa] Ex,acc[Pa] Ey,p,20mm[Pa] Ey,p,5mm[Pa] Ey,acc[Pa]
2.29E+09 2.21E+09 1.96E+09 2.01E+09 2.06E+09 1.65E+09

found between the elastic moduli obtained from sound pressure and acceleration measurements, highlighting a
soft orthotropy, with the elastic modulus along the x−direction slightly higher than the value determined along
the y−direction. Even though the wave correlation performed on sound pressure IRs slightly overestimate the
results compared to the data obtained from acceleration measurements. In order to evaluate the influence of
such this deviation on the transmission loss (TL), these values were used as input data in a sound transmission
simulation based on the transfer matrix method (FTMM) [28, 29]. In order to validate the numerical results, the
sound insulation provided by the investigated panel was experimentally measured into the sound transmission
test facility for small elements of Adler Evo acoustic laboratories, in Turin, Italy. Two sources were used to
generate the incident sound field within the reverberant emission room, driven with a white noise signal. The
sound pressure exciting the plate was measured by means of two rotating microphones, while, on the semi-
anechoic receiving side, the radiated sound intensity was measured by scanning the panel’s surface with a p-p
probe. The plate TL was determined as:

T L = Lp,1−Li−6 (4)

where Lp,1 = 20log(p1/p0) is the sound pressure measured in the emitting room (dB re 20µPa) and Li is
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Figure 4. Comparison between the experimental transmission loss of the plywood panel and the numerical
results calculated using as input data the elastic properties presented in Table 1

the sound intensity level measured on the receiving side (dB re 10−12W). As shown in Figure 4 the FTMM
results well approximate the experimental TL over the entire investigated frequency range, except in the very
low frequencies where the structural resonances, which are not considered by this prediction method, govern
sound transmission, and the critical frequency region when a greater contribution of the damping is shown by
the experimental results. Comparing the three numerical curves, only small discrepancies are highlighted, with
a maximum deviation lower than 3 dB in the 1600 Hz third-octave band.

4 CONCLUSIONS
In this paper, the early-stage results of a broader study, regarding the use of the near-field acoustic holography
for the mechanical and acoustic characterisation of lightweight building structure, are presented. The reliability
of this approach is investigated in order to provide a valid contactless alternative to vibration measurements
performed by using a laser doppler vibrometer. The elastic properties of a plywood panel were evaluated from
the structural wavenumbers propagating along a certain direction, determined by means of wave correlation
approach, from the sound pressure IRs measured in the vicinity of the vibrating surface. The accuracy of
this experimental technique was evaluated by comparing the results with the elastic properties obtained from
acceleration measurements. The comparison showed a good agreement, with small discrepancies. In fact, the
elastic modulus determined from sound pressure measurements only slightly overestimates the value obtained
from acceleration measurements. However, when the elastic constants are used as input data to calculate the
panel transmission loss, these deviations did not affect significantly the computed results. This was verified by
comparing the panel TL compute using a model implemented within the transfer matrix method framework with
the experimental sound insulation of the plywood plate.
Even tough the first stage of this study showed promising preliminary results, further investigations are required
in order to assess the reliability of the presented methodology. The wave correlation approach should be applied
to the velocity field reconstructed from the measured sound pressure, also considering the imaginary part of the
structural wavenumber, other than the real one, in order to obtain information regarding the structural damping.
Moreover, other quantities can be computed from the velocity field over the vibrating surface, such as the
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radiated sound power.
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ABSTRACT 
The WOODSOL research project aims at developing urban timber buildings based on moment resisting 
frames. One of the key aspects when dealing with the sound insulation in the building system is the flanking 
sound transmission across the floor elements and through the special connecting elements of the floor to the 
columns. We build a system prototype to be able to investigate experimentally the vibroacoustic behavior of 
the floor elements and the vibration transmission to the columns considering in particular impact excitation. 
In this paper, we focus on the structural reverberation time, which is a key parameter to determine calculation 
quantities such as e.g. Kij required by the ISO12354. The Kij-index is necessary to estimate flanking sound 
transmission and therefore a key input to SEA based calculation models. We present the measurement setup 
used at the Woodsol prototype. We present the measurement procedure designed following the ISO 10848-1 
and discuss the measurement program, excitation type and sensor placement. We present the challenges we 
encountered and discuss the obtained result with particular focus on the comparison of impact hammer 
excitation and shaker excitation with swept sine.  
 
Keywords: timber, reverberation, measurements 

1. INTRODUCTION 
As part of the research work within the WOODSOL project, we are investigating experimentally 

the vibroacoustic behavior of the WOODSOL floor element and the special moment resisting 
connection between the floor elements and the load bearing columns. 

The experimental activities shall deliver the impact noise level for the floor element and an 
evaluation of the flanking transmission both in vertical and horizontal direction. Both aspects are to be 
studied considering the principle of the ISO12354 (1). Herein, a key parameter that needs to be 
investigated is the structural reverberation time. The reference standard for the structural reverberation 
time is the ISO10848-1 (2). Although the standard refers for the signal processing to the ISO3382 (3), 
the measurement of the structural reverberation time is more challenging than the room reverberation 
time. Moreover the standard was mainly developed looking at heavy homogeneous monolithic walls 
such as masonry or concrete walls (2, 4) and there have been discussions regarding the challenges 
related to applying the standard to lightweight walls (5) and to inhomogeneous objects (6, 7).  

In our specific case, we are dealing with a strongly inhomogeneous lightweight structure, with low 
damping at low frequencies and highly damped above approximately 60 Hz (8). This calls for a critical 
approach to the measurement setup and the measurement procedure. In the following we describe our 
approach, the challenges we encountered and draft some preliminary conclusions. 

2. TEST OBJECT 
The measurements were performed on the WOODSOL prototype, shown in Figure 1. The prototype 

consists of two floor elements, mounted on six columns. At each corner of the floor element, one 

                                                        
1 Simone.Conta@ntnu.no 
2 Ulrich.Simon@mbbm-aso.com 
3 Anders.Homb@sintef.no 
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WOODSOL connector is used to establish a moment resisting connection between the floor itself and 
the column. The current version of the connector is shown in Figure 3 along with a schematic of the 
principle. It is based on metal brackets connected by friction bolts. The brackets are mounted to the 
timber by means of threaded metal rods (9). 

The material for the columns is glulam and they have dimensions of 400 mm x 450 mm x 5200 mm. 
Their size is given by the structural and fire safety requirement for an eight to ten story building, which 
is the target building of the WOODSOL project. The floor is mounted with the bottom flange at 2 m 
above the floor of the lab. 

The floor element has dimensions of 4.7 m x 2.4 m x 0.5 m and is of type hollow box. The cross 
section is shown in Figure 2 and is designed for a 9 m to 10 m span. The top and bottom plates are 
KERTO-Q plates with thickness of 43 mm and 61 mm respectively. The thickness of the bottom flange 
was designed to fulfill fire safety requirements when the floor is installed without additional ceiling. 
The outermost stringers are glulam GL30c, while the inner ones are glulam GL28c (10). The total 
weight of the floor element is 2.6 tons including the filling of gravel. 

 

 
Figure 1 – Woodsol prototype installed at Charlottenlund Videregående Skole, Trondheim (Norway) 

 

  

Figure 2 – Floor element cross section (left) and picture showing the gravel bags positioned in the element 

cavity (right).  
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Figure 3 – Picture of the connector installed between the floor element and the column (left) and principle of 

the connector showing the threaded rods (right). 

3. MEASUREMENT SETUP AND ANALYSIS PROCEDURE 

3.1 General 
The ISO10848 suggests as preferred method to measure the structural reverberation time the one 

that uses an electrodynamic shaker with an MLS or swept sine signal (2). This method seems to be less 
prone to excite nonlinearities (11-13), but is more complicated and time consuming compared to the 
very straightforward excitation with an impact hammer. The ISO10848 also does not exclude the 
impact excitation provided that the linearity of the system is checked. Other works on timber 
lightweight structure suggest that impact excitation might provide linear excitation on these type of 
structures (7). Moreover Hopkins in (14) suggest that it might be more appropriate to use hammer 
excitation when focusing on impact noise level, since this is usually measured using the ISO standard 
tapping machine. Considering these different arguments we decided to use both impact and shaker 
excitation in our investigations. In the measurement program we included preliminary measurements 
of transfer functions to compare impact with shaker excitation as suggested in the ISO10848 and 
observe their dependency on the amplitude of the excitation. During these preliminary measurements, 
we also verified the effect of the sweep length. The test setup for these preliminary measurements is 
shown in Figure 4. 

 
 

 

 

 
Figure 4 - Test setup for the preliminary measurements 

 

3.2 Measurement program 
The measurement program included: a) preliminary measurements: shaker excitation with varying 

amplitude, shaker excitation with varying sweep length, impact excitation with varying amplitude; 
b) measurements with impact excitation both on top and bottom of the element with sensors placed on 
both sides; c) measurements with shaker excitation both on top and bottom of the element with sensors 
placed on both sides.    
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3.3 Excitation 
We used a B&K impact hammer type 8208 with medium tip (green) for the impact excitation. 
The shaker used was a B&K 4808 with approx. 20 kg additional mass. We mounted the shaker on a 

separate structure by means of metal springs and connected to the excitation point by means of a 
stinger. Between the stinger and the excitation point we inserted an impedance head to measure force 
and vibration. The impedance head was fixed to a timber screw inserted in the Kerto plate. The driving 
signal was a linear sweep from 20 Hz to 1250 Hz. Three different sweep lengths were tested during the 
preliminary measurements: 12.5 s, 25 s, and 50 s and no differences were observed in the obtained 
transfer functions. For all further measurements the sweep length was set to 25 s. 

Four excitation positions were used on the bottom flange both with shaker and impact excitation. 
Three excitation position were also placed on the top flange, but used only for the impact excitation. 

 
Floor element bottom side 

 

Floor element top side 

 
Figure 5 - Measurement and excitation positions on the floor element: S1..S4 shaker and impact 

positions (only bottom side); I1… I3 impact positions (only top side); ch2… ch15 accelerometer 
positions; the red hatch and circles mark the ISO requirement on minimum distance from the object 
boundaries and between source and measurement position. 

3.4 Response acquisition 
The acceleration was recorded with a multichannel signal analyzer at 10 positions on the top flange 

of the floor element and 4 on the bottom flange using accelerometers as shown in Figure 5. This 
corresponds to a total of 56 measurement position for shaker excitation and 98 measurement positions 
for impact excitation. This largely exceed the requirement from the standard (9 measurement 
positions). Thick washers were mounted by means of timber screw to the Kerto plates and the 
accelerometers were applied on the washers by magnetic mounting. 

 

3.5 Impulse response analysis 
The measurement with impact excitation delivers directly the impulse response of the system. The 

transfer function was calculated dividing the acceleration spectrum by the force spectrum. 
When using the shaker excitation, the impulse response of the system was calculated from the 

transfer function in the frequency domain using the inverse fourier transformation. To calculate the 
transfer function we used the acceleration signal from the accelerometer and the force signal from the 
impedance head. In this way, we could exclude the effects of the amplifier, the shaker and the stinger.  

The impulse responses were processed using the commercial software m|reverb (Müller-BBM 
GmbH). The software fullfills the requirements of ISO3382 and was mainly designed for room 
acoustic purposes. We highlight following steps of the processing of the impulse response: 1) the first 
step in the procedure is the filtering of the impulse responses. The 1/3 octave filters are implemented 
as reverse filters. They have a shorter inherent reverberation time and allow for analyses of shorter 
times. The lower limit is given by BT > 4, where B is the bandwidth of the filter and T the reverberation 
time at the frequency of interest (2). 2) The filtered and squared impulse responses are then backwards 
integrated to compute the Schroeder plots. 3) On the basis of the Schroeder plot the reverberation times 
are calculated by fitting a regression line and calculating the energy decay over a specific range. 
Different options were available here: T5 (-5 dB to -10 dB), T10 (-5 dB to -15 dB) and T20 (-5 dB to 
-25 dB). The reverberation times are calculated for each measurement positions and the aritmetically 
averaged. When averaging, the reverberation times shorter than T < 4/B * 0.8 were excluded. The 
arbitrary choice of “softening” the BT > 4 criteria was made considering the very low reverberation 
time measured and the discussions presented in (14) and in (7).     

1313



 

 

4. MEASUREMENT RESULTS AND DISCUSSION 

4.1 Linearity of the excitation 
During the preliminary measurements, the amplitude of the excitation was varied in three steps 

denominated “strong”, “normal” and “soft” both for impact and shaker excitation. The results are 
shown in Figure 6. The left part of the diagram shows the results for impact excitation and the right 
part for shaker excitation. On both sides, the top diagram shows the force spectrum. The two lower 
diagrams show the transfer functions recorded at two different measurement positions (MP). MP1 was 
on the bottom plate of the floor element, in correspondence of a joist. MP2 was on the bottom plate as 
well, but in between two joists. 

The results show a strong dependency of the transfer function amplitude on the excitation 
amplitude for the impact excitation. Surprisingly two different trends are observed below 80 
Hz..100Hz and above: below this frequency the amplitude of the transfer function decreases with 
increasing amplitude of the excitation. Above this frequency the trend is inverted. The effect is more 
pronounced for the measurement point between the joists. In the case of shaker excitation the 
amplitude of the transfer function remains constant changing the amplitude of the excitation. Similar 
behavior was observed by other authors, e.g. (13) and might be an indication of nonlinearities. 

General differences are observed between the transfer functions recorded with impact excitation 
and shaker excitation, in particular above 100 Hz, but clearly evident also between 50 Hz and 100 Hz. 
A possible reason is the slightly different excitation position between the shaker position – fixed by a 
screw – and the hammer hits, which impact a few centimeters (ca. 5 cm) next to it. We assume an effect 
from this on the differences between the excitation methods. A further explanation could be a more 
dominant reverberant field with impact excitation compared to shaker excitation. 

 Both aspects described above need further investigations for better clarification.  
 

  

Figure 6 - Results from the preliminary measurements to determine linearity of the system; Left: impact 

excitation; Right: shaker excitation 

 

4.2 Schroeder plots 
Figure 7 shows the Schroeder plots obtained for all channels on the top flange of the floor element 

by shaker excitation on the bottom side, for the 1/3 octave bands 100 Hz, 250 Hz and 500 Hz. They are 
representative for all results obtained and show following features: a) there is a strong variability 
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between measurement points. The variability has a maximum at about 250 Hz; b) the decay range with 
a linear trend is between -4 dB… -5 dB and -10 dB. At -10 dB some of the curves already deviate 
strongly from a linear decay; c) the number of points in the curves decreases with the frequency due to 
the increase of the wavelength and makes the fitting process at low frequencies over short decay ranges 
particularly challenging. 

 Based on the evaluation of the Schroeder plots, we decided to use T5 (reverberation time 
calculated on the decay between -5dB and -10dB) for the further analysis. 

 
Figure 7 - Schroder plot for one of the shaker measurements. Displayed are several accelerometer positions 

and three 1/3 octave bands. 

4.3 Excitation and response position 
In Figure 8, we show the average reverberation times (T5) obtained for different excitation and 

receiver positions. The different combinations are shown in Table 1, where we also indicate which 
excitation type was used. These results investigate the variability of the reverberation time based on 
the spatial choice of the excitation and the receiver positions. 

 
Table 1 – Combinations of excitation and receiver position 

 Receiver: top Receiver: bottom 

Excitation: top impact impact 

Excitation: bottom shaker, impact shaker, impact 
 
The results obtained show a clear dependency between the reverberation time and the excitation / 

receiver locations. Similar results are obtained for both shaker and impact excitation. Shorter 
reverberation times are recorded on the highly damped bottom flange of the element, which is covered 
with gravel. Longer reverberation times are recorded on the top flange, which is not damped by the 
gravel. The longest reverberation time is recorded when both excitation and response are on the top 
flange. It should be pointed out that the evaluation of the reverberation times from acceleration on the 
bottom plate was particularly challenging due to the very short reverberation times, falling often below 
the lower limit (BT>4). For this reason the respective line in the diagram with the data from impact 
excitation is dotted and the line in the diagram with the data from shaker excitation is not continuous. 

The standard deviation is not shown in these diagrams for practical reasons. Nevertheless it should 
be noted that the order of magnitude of the standard deviation is similar to the one shown in Figure 9.  

4.4 Floor element reverberation time 
In Figure 9, we show the reverberation time (T5) calculated as an average over all available 

measurement positions. To make the results comparable, for the impact excitation only the bottom 
excitation positions are considered. 

The recorded reverberation times are very short above 100 Hz quicly decreasing from about 0.3 s at 
100 Hz to less than 0.1 s at about 800 Hz. Below 100 Hz the dynamic of the undamped modes 
dominates the reverberation time that becomes much longer exceeding 1 s at 50 Hz. This trend meet 
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the expectations from the experimental modal analysis previously performed on the same setup (8).  
 

  
Figure 8 - Reverberation times obtained with impact (left) and shaker (right) excitation for different 

combinations of excitation (Exc) and sensor position (rec).  
Impact and shaker excitation deliver results that are comparable and well within one standard 

deviation. This confirms the thesis from (6) that both methods are suitable for measurements on 
lightweight structures. The trend that impact excitation would deliver higher reverberation times than 
shaker observed by other authors (11, 13) on heavier structures was not observed here. 

 
Figure 9  Reverberation time (T5) measured with impact excitation and shaker excitation. The 

average over all available receiver positions for bottom excitation is shown along with the standard 
deviation. 

5. CONCLUSION 
We performed reverberation times measurements on a strongly inhomogeneous lightweight 

structure, built with several different orthotropic materials. We followed the procedures suggested be 
the ISO10848-1 and encountered several challenges, which we highlight below: a) the spreading of the 
measurement results is high and b) a dependency of the results on both the excitation and sensors 
position was observed. Higher reverberation times were recorded on the upper lightly damped part of 
the structure and lower reverberation times were recorded on the lower highly damped flange. This 
raises the question of which position should be considered and if the in the standard suggested 
minimum 9 positions are enough for this kind of structures. c) The analysis of the data with 
commercial room acoustic software turned out to be very challenging, requiring enhance features (T5) 
evaluate very short linear decays. More flexibility (e.g. regression line starting at -3dB, evaluation 
range -3 dB to -8 dB as suggested in (4)) in the analysis would have been an advantage but makes the 
results rather used dependent. The evaluation at low frequencies was particularly difficult, since very 
few points are available to fit the regression line for the evaluation of the reverberation time from the 
Schroeder plot. d) Shaker and impact excitation delivered comparable results. Impact excitation had 
the clear advantage of being faster and more flexible but the frequency range is of course limited. e) 
The results found were nevertheless in agreement with the findings of other authors and the 
expectations from a previously performed experimental analysis. f) We observed differences in the 
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measured transfer function between shaker and impact excitation that are not fully understood yet. 
Further investigations are needed here.  
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Abstract
Obtaining broadband dynamic mechanical properties of viscoelastic materials is challenging. Commercially
available characterization equipment is typically limited to about 500 Hz. Ultrasonic testing is a common strat-
egy but requires time–temperature superposition extrapolation to audible frequencies. These techniques are
indirect and sensitive to inhomogeneities. Modal methods do not yield broadband data and can fail for materials
with high loss factors. A new relatively simple characterization method, relying on bending wave excitation and
laser Doppler vibrometer measurement, is proposed. Complex elastic moduli and phase speeds are now attain-
able over the entire range of building acoustics frequencies. The materials under test are an array of polyurea
aerogels with fixed chemical composition but tailorable nanomorphologies. Low cost and ease of synthesis add
appeal to materials already noted for their sound transmission loss performance [4].

Keywords: Bending, Flexural, Characterization, Damping, Transmission

1 INTRODUCTION
Modeling and simulation of noise and vibration control problems requires accurate material properties to be ef-
fective. Time spent on considering complex propagation paths inherent to most problems is wasted if the prop-
agation variables are not realistic. The current work proposes a method to determine the viscoelastic properties
of damping materials. Viscoelastic properties are in general frequency dependent, a feature that complicates
their determination. Several characterization techniques exist, our aim is to address some of the deficiencies
plaguing other methods. The ultimate goal is to predict the sound transmission loss performance of composite
structures.

The American Society for Testing and Materials (ASTM) maintains a standard [2] for the testing of dynamic
elastic properties. The procedures in general entail impulsively exciting a specimen of known geometry and
measuring different fundamental modes. Determining the elastic properties in this manner elevates the im-
portance of boundary conditions [1] and only directly yields properties at limited modal frequencies. Another
popular technique for determining elastic moduli is Dynamic Mechanical Analysis [5]. This method subjects a
small, generally bar shaped, specimen to a sinusoidal force. The force and strain responses of the sample are
simultaneously recorded. The extent to which the strain signal is out of phase with the driving signal, coupled
with the magnitudes of each, allows viscoelastic property determination. Downsides here include an upper fre-
quency bound of about 1 kHz, and sensitivity to clamping conditions of the setup.

Ultrasonic methods circumvent the aforementioned issues but at the cost of being indirect, requiring extrapola-
tion to audible frequencies. The proceeding sections will outline a more direct, broadband, minimally invasive
material characterization technique.
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2 METHOD
This method relies on the propagation of bending waves. Bending waves excited in a controlled manner are
measured using a laser Doppler vibrometer [7]. The frequency dependent real part of the complex phase velocity
and the magnitude decay of the transverse velocity are determined in a fairly direct manner. The viscoelastic
material properties are then afforded by algebraic manipulation.

2.1 Bending wave equation
The wave equation governing bending waves is reproduced here for completeness, comprehensive derivations
are readily available [3]. The differentials operate on the transverse velocity, vy, of the wave but the equation
is valid for several other field variables as well.

−
(

∂ 4

∂x4 +
∂ 4

∂ z4

)
vy(x,z, t) =

m′′

B′
∂ 2vy(x,z, t)

∂ t2 . (1)

The mass per unit area of the plate is represented by m”, with the bending stiffness per unit length, B′. The
work at hand is concerned with two dimensional and complex bending wave propagation. The x-z plane is
parallel to the plate’s surface with the thickness along the y-axis. The equation is satisfied by a standard
spatiotemporal harmonic solution. The phase velocity takes the form [3]:

cB =
4

√
B′(1+ jη)

m′′
√

ω, (2)

with

B′ =
I′E

(1−µ2)
. (3)

The moment of inertia, I′, is defined per unit width,

I′ =
h3

12
, (4)

with h representing the plate’s thickness. Propagation in both the x and z directions requires consideration of the
Poisson ratio, µ . Presently the Poisson ratio is assumed based on static measurements. The damping capacity
of the material is captured by the loss factor, η . As the two dimensional complex phase velocity contains the
desired elastic properties, experimental measurement allows determination via inversion. Phase velocity and loss
factor calculations are possible using a transfer function approach. The transverse velocity of bending waves
excited in a plate sample is measurable using a laser Doppler vibrometer. The transfer function between two
points, of known radial separation relative to the source, yields the phase delay as a function of frequency.
The real part of the complex phase velocity directly follows. The transfer function also contains magnitude
decay information. The magnitude decay, ∆L (in Nepers), allows calculation of the bending wave derived loss
factor [3],

η =
λB∆L
π∆x

, (5)

where the wavelength of the bending wave is λB, and the spacing between the transfer function points is ∆x.

2.2 Experimental setup
Small phase change discernibility is crucial for the success of this method. Figure 1 illustrates a single axis
slide as a precise means of positioning a laser Doppler vibrometer. The sample geometry is an acoustically
thin plate of sufficient size to allow isolating direct sound from interfering reflections. To this end, the piezo
transducer is mounted with thin transfer tape near the center of the panel. The measurement points may require
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Piezo transducer

Laser Doppler vibrometer

Measurement points Positioner

Elastic base

Sample

Figure 1. Viscoelastic material characterization is enabled using a setup capable of measuring bending wave
propagation. The laser Doppler vibrometer records the transverse velocity of propagating waves.

adhering retro-reflective targets to the sample for signal to noise ratio improvement. The sample is simply sup-
ported on a noise isolating elastic base.

The piezoelectric diaphragm style transducer serves as a continuous excitation source. Impulse responses are
experimentally measured as the laser Doppler vibrometer is positioned to predetermined locations. Pairs of im-
pulse responses from any two points allow formulation of the transfer functions required for further analysis.

3 RESULTS
The samples under test for this work are polyurea aerogels of shared chemical composition but differing den-
sities and tailored nanostructures [6]. Plotted in Fig. 2, the real part of the complex two-dimensional bending
wave phase velocity is calculated over a broad frequency range. The curve’s validity is promising as bending
waves are dispersive, with the phase velocity proportional to the square root of the angular frequency.

Assumption of a constant Poisson ratio and determination of the frequency dependent loss factor allows for
calculation of the complex elastic modulus of the material. The complex elastic moduli of three sample den-
sities are shown in Fig. 3. The dynamic moduli are in line with the reported static values of closely related
materials [6].
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Figure 2. Bending wave phase velocity for a 6.1 mm thick panel of 0.27 g/cc polyurea aerogel. Notice the
square root dependence on frequency, as expected per the bending wave model.
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4 CONCLUSIONS
Bending wave phase velocity and amplitude decay measurements enable determination of the complex elastic
moduli of viscoelastic polyurea aerogels. Windowing the direct sound from interfering reflections helps free the
method from dependence on system resonances. A low mass source transducer and non-contact measurement,
using a laser Doppler vibrometer, alleviate the negative influence of mass loading effects. The frequency range
of the method is dictated by the window length required to isolate the direct sound, the source’s properties, as
well as the sample’s damping capacity and geometry.

The relatively large sample size required for this method may be reduced using reflection removal strategies.
Adapting this method to insitu measurements of large scale surfaces may render this consideration inconsequen-
tial and represent another potential benefit of this technique.
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ABSTRACT 
This paper describes a way of measuring impact sound insulation for heavy structures without using the 
standard tapping machine. Instead, another source of known contact force - e.g. an impact hammer or 
electrodynamic shaker - is connected to the building element under test. The sound pressure level is measured 
in the receiving room and then corrected from the difference in force level between the standard tapping 
machine and the substitution source to obtain the impact sound pressure level. An application of this indirect 
method is the laboratory determination of the impact sound performance of walls, which can be used as an 
input for prediction of impact noise of isolated heavy stairs as well as of structure-borne noise from service 
equipment in situ; the standard tapping machine is indeed not suitable for exciting vertical building elements. 
In this paper, the indirect method is described, then applied to a floor element and the results are compared 
to the impact sound pressure level directly determined using the standard tapping machine on the same floor. 
Several measurements are performed using different numbers of source and microphone positions. The 
corresponding results are presented and discussed. 
 
Keywords: Impact sound, Measurement, Indirect methods 

1. INTRODUCTION 
Since 2017, standardization group CEN/TC126/WG1/TG3 is working on a new laboratory 

measurement method of the impact sound insulation of walls. The practical applications of such 
measurements may not be straightforward, since the concept of impact sound insulation usually 
applies to impacts produced on building floors. However, the impact sound insulation performance of 
walls can be used as input data in predictions of impact sound when the impacts are generated on 
stairs connected to a heavy structure. Indeed, this quantity is introduced in EN ISO 12354-2 Annex F 
(1) to define the impact sound reduction ΔL of heavy isolated stair landings and of lightweight stairs 
connected to heavy walls as follows: 

 
 (1) 

 
In equation 1, Ln,0,wall is the normalized impact sound pressure level (in dB ref. 2.10-5 Pa) of the 

wall to which the landing or stairs are connected, while Ln,landing/stairs is the normalized impact sound 
pressure level when the impacts are produced to the considered isolated landing or lightweight stairs.  
These quantities are related to the excitation produced by the standard tapping machine, which can 
only be used on horizontal elements. The determination of Ln,0,wall thus requires a specific 
measurement method using a different impact source of known applied force.  

Previous work also highlighted another possible use of Ln,0,wall in predictions of structure-borne 
sound from service equipment when a force source assumption can be made (2). Measurements were 
performed using a special tapping machine adapted to walls that requires to be fixed into the element 
under test. 
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In this paper, a different method using an impact hammer is proposed. Lighter and easily 
transportable, this impact source however suffers from two major disadvantages in comparison with 
the tapping machine: its non-calibrated excitation and a limited impact area. The first issue can be 
easily dealt with by applying a correction to the measured sound pressure level depending on the force 
level of the excitation – hence the “indirect” character of the proposed method. The second point may 
require an increased number of source positions in order to reach comparable accuracy, due to modal 
behavior of the wall.  

In this study the method is applied to a concrete floor, so that the results can be compared to those 
obtained with the standard tapping machine. The experimental protocol is first described in section 2. 
Results are presented in section 3 and the influence of the number of hammer positions is discussed. 

2. EXPERIMENT PROTOCOL 

2.1 General principle 
The building element under test is an 18 cm thick concrete floor connected to concrete walls. The 

54 m3 room located below is considered as receiving room. The standardized sound pressure level 
using the tapping machine (noted L’nT,TM) is measured in the range 50-5000 Hz following 
EN ISO 16283-2 (3). The standard uncertainty values given in EN ISO 12999-1 (4) are used. 

In addition, a second measurement of the standardized sound pressure level is performed by 
replacing the tapping machine by a 1.5 kg impact hammer (Kistler type 9728A2000) equipped with a 
rather hard tip. Repeated impacts are produced to obtain quasi-stationary excitation over averaging 
periods of 15 s. For each hammer position i, the measured sound pressure level Lp,hammer,i (corrected 
from background noise) is used to determine the sound power to sound pressure transmission function 
DTF,i as defined in ISO 10848-1 (5). 
 

 (2) 
 
In equation 2, LW,hammer,i is the structure-borne sound power level (in dB ref. 10-12 W) applied at 

the ith hammer position.  
Applying a power substitution method, the transmission function can be used to calculate the sound 

pressure level of the tapping machine Lp,TM,i as follows: 
 

 (3) 
 
For low-mobility structures, EN 15657 (6) allows to approximate the installed structure-borne 

sound power level LW as follows: 
 

 (4) 

 
In equation 3, YR,eq is the equivalent mobility of the receiver (in m/(N.s)) and LFb,eq is the 

equivalent blocked force level (in dB ref. 10-6 N) of the source. 
These relationships can be simplified as follows:  
 

 (5) 

 
Which further reduces to a simple force level correction:  
 

 (6) 
 
The corrected sound pressure level then needs to be averaged over all hammer positions and 

corrected from the reverberation time of the receiving room for comparison to the results of the 
standard measurement. 
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2.2 Source and microphone positions 
For measurements using the tapping machine, 6 source positions are considered. As specified in 

EN ISO 16283-2, this allows for only one measurement for each source position. One microphone 
position is considered and made different for each source position. 

For measurements using the impact hammer, the same 6 source positions are considered. Additional 
measurements are then performed by adding other source positions up to a total of 15. 

3. RESULTS 

3.1 Excitation 
The force levels measured by the impact hammer for the 15 source positions are represented in 

Figure 1. The force level of the tapping machine, considered as independent from its location on the 
floor, is also represented for comparison. These values are obtained from calculations according to 
the analytical model described in (7).  

These results show that the force level of the impact hammer is well repeatable except for one 
source position (no. 4), due to weaker operator action. The force level of the impact hammer drops at 
800 Hz and higher frequencies, whereas the force level of the tapping machine continues to increase. 
Nevertheless, it remains well above background noise for all source positions.  

 

Figure 1 – Force levels of the impact hammer and of the tapping machine 
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3.2 Impact sound pressure level 
The corrected sound pressure level of the impact hammer is represented in Figure 2 as a function 

of the number of source positions considered. The corresponding single-number ratings calculated 
according to ISO 717-2 (8) are given in Table 1. 

From these results, it can be seen that the corrected sound pressure level may vary slightly 
depending on the number of positions considered. With an increasing number of positions considered 
in the average calculation, the corrected sound pressure level rapidly reaches a stable value. The 
maximum difference between the stabilized values (15 positions considered) and the results for only 
one position considered is approximately 5 dB at 200 Hz. As of 9 positions considered, the differences 
with 15 positions considered are less than 1 dB for all frequency bands except at 63 Hz (1.2 dB). 

When considering the single-number ratings, all results are within a 1-dB range. From 7 positions 
considered, the values remain constant. 

 

 
Figure 2 – Impact sound pressure level as a function of the number of hammer positions 

 
Table 1 – Single-number ratings calculated according to ISO 717-2 

Number of 

positions 
1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 

L'nT,w (dB) 73 73 72 73 73 73 72 72 72 72 72 72 72 72 72 

CI,100-2500 (dB) -12 -12 -12 -12 -13 -13 -12 -12 -12 -12 -12 -12 -12 -12 -12 

CI,50-2500 (dB) -12 -12 -12 -12 -12 -13 -12 -12 -12 -12 -12 -12 -12 -12 -12 
 

 
The corrected sound pressure levels measured using 6, 10 and 15 positions of the impact hammer 

and the sound pressure level for 6 positions of the tapping machine (considered as reference) are 
represented in Figure 3. Standard uncertainty limits according to ISO 12999-1 are also given for the 
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measurement using the tapping machine. The single-number ratings calculated according to ISO 717-
2 (6) are available in Table 2. 

These results show that the corrected sound pressure level of the impact hammer and the sound 
pressure level of the tapping machine are very similar. Approximately half of the values of the impact 
hammer corrected level (15 pos.) are within uncertainty limits of the tapping machine measurement 
result. The other half are less than 1 dB from these limits, except at 100 Hz (1.2 dB gap), 4000 Hz 
(1.6 dB gap) and 5000 Hz (4.8 dB gap). Similar observations can be made for 6 and 10 impact hammer 
positions considered, with results really close to those obtained for 15 positions considered. 

Considering the single-number ratings, the stabilized L’nT,w value obtained with the impact hammer 
is 1 dB lower than the result obtained with the tapping machine, while the same values are obtained 
for the spectrum adaptation terms. 

 

 
Figure 3 – Impact sound pressure level measured with the impact hammer and with the tapping machine 

 

Table 2 – Single-number ratings calculated according to ISO 717-2 

Number of 

positions 

Tapping 

machine: 

average 

Hammer  

(6 Pos.) 

Hammer 

(10 Pos.) 

Hammer 

(15 Pos.) 

L'nT,w (dB) 73 73 72 72 

CI,100-2500 (dB) -12 -13 -12 -12 

CI,50-2500 (dB) -12 -13 -12 -12 
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4. CONCLUSIONS 
The purpose of this study was to propose a measurement method of the impact sound insulation of 

walls. To this aim, the standard tapping machine being inapplicable on vertical elements, an impact 
hammer is used as an impact source and the impact sound pressure level is estimated with an indirect 
method: the sound pressure level measured in the receiving room is corrected from the difference in 
force level between the hammer excitation and the tapping machine. In order to validate the principle 
of this simplified power substitution method, it was experimented on a concrete floor, where the 
standard tapping machine can also be used and considered as reference case.  

The results obtained with both methods are very similar, with slight variations depending on the 
number of hammer positions considered. Sufficient signal-to-noise ratio was obtained with the impact 
hammer, even though problems could have been expected at high frequencies.  

From these results, it seems possible to measure the impact sound insulation performance of walls 
with the proposed method using an impact hammer. Due to a limited impact area, it may be necessary 
to slightly increase the number of source positions in comparison to measurements with the standard 
tapping machine. A minimum number of 10 positions seems a reasonable compromise. 
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ABSTRACT 
Previously we have presented a method to predict the acceleration from heavy/hard impacts in existing 
buildings to replace more traditional methods. The traditional methods for the assessment of noise and 
vibration due to heavy/hard impacts in an existing building can be cumbersome and time consuming, have 
low repeatability, and does not allow for evaluation of additional solutions not present at the time of testing. 
The new method consists of measuring on-site vibrational transfer functions, measuring a force pulse that a 
given weight will exert onto a resilient floor and then combining those elements to predict the vibration. This 
method can predict the acceleration or vibration in a building due to any arbitrary combination of impact 
source and resilient flooring. The new measurements obtained for this paper were conducted in a true field 
application in both narrow and one-third octave bands. The predictions obtained are compared to on-site 
weight drop measurements in order to qualify the predictive model. 
 
Keywords: Vibration, Impact, Prediction 

1. INTRODUCTION 
The issue of heavy/hard impacts in buildings has been an issue for a number of years1,2,3,4,5,8. 

Currently, the assessment of the noise and vibration due to heavy/hard impacts in an existing building 
can be quite cumbersome. All of the potential floor coverings and the heavy/hard source need to be 
shipped to the site. Often impact sources are not sent to the site whatever type of mass happens to be 
present at the site is used to generate the heavy/hard impacts. Therefor there is often little 
reproducibility between measurements.   

Overall, this testing regimen is quite arduous, time consuming, and not very repeatable. In 
recent years, the authors have built a drop tower to repeatedly test fitness flooring performance in a 
controlled environment4,5 and presented a method to combine the results from the drop tower with 
on-site measured transfer functions to predict the vibration in buildings8.  

This paper shows that the method works in real field conditions. The method was previously 
shown to use a narrow band analysis, but it has now been shown to work as a one-third octave band 
analysis similar to what others6 have suggested. That analysis used a method similar to the Delta IIC in 
ASTM E21797 but presented method using one-third octave band “transfer functions”. Previously, 
only locally reacting fitness flooring was used. This paper shows that the method has some success for 
hybrid systems that combine locally reacting fitness floors with light weight floating floors. 

2. Experimental Setup 

2.1 Samples Tested 
For this experiment, a total of five different fitness flooring systems were used that consisted of two 

different manufactures fitness flooring tiles, alone and in combination with the same light-weight 
floating floor systems. The combination fitness tiles and light-weight floating floors are referred to as 
hybrid solution. All solutions are summarized in Table 1. 

 
 

                                                        
1 mgolden@pliteq.com 
2 fmusafere@pliteq.com 
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Table 1 – Summary of test specimens used in experiment. 

ID Product name Material/specimen 
thickness Material/specimen type 

1 GenieMat® FIT70 70 mm (2 ¾”) • Recycled rebounded crumb rubber tile 

2 ApolloTM 38 mm (1 ½”) • Recycled rebounded crumb rubber tile 

3 
GenieMat® FIT70 
GenieMat® FF25 

GenieMat® FF70LDM 
165 mm (6 ½”) 

• Recycled rebounded crumb rubber tile 
• Patented recycled rebounded crumb rubber 

sheet with bilateral sinusoidal surface 
• Double plywood floating floor tile with low 

dynamic modulus isolators. 

4 
ApolloTM 

GenieMat® FF25 
GenieMat® FF70LDM 

133 mm (5 ¼”) 

• Recycled rebounded crumb rubber tile 
• Patented recycled rebounded crumb rubber 

sheet with bilateral sinusoidal surface 
• Double plywood floating floor tile with low 

dynamic modulus isolators. 

5 GenieMat® FIT70 
GenieMat® FF70LDM 140 mm (5 ½”) 

• Recycled rebounded crumb rubber tile 
• Double plywood floating floor tile with low 

dynamic modulus isolators. 
 

2.2 Force Pulse 
The force pulse was measured on the five different fitness flooring solutions with Pliteq’s 

proprietary drop tower shown in Figure 1. Two carriages are supported on low friction rails as to only 
allow one axis of motion. The upper carriage lifts the lower carriage to a selected height and releases 
it so that the lower carriage will impact the test specimen with close to free-fall like conditions. The 
lower carriage can be fitted with various load plates to adjust the mass of the lower carriage and impact 
foot shape can be changed to simulate different types of weight impacts. A load cell measures the 
impact force pulse. Narrow and one-third octave band analyses were conducted on the time signals. 
For this experiment, the drop height was set to 0.5 m (19.7 in) and the mass was 22.7 kg (50 lbs). 
 

 
Figure 1 – Heavy/Hard Impact Drop Tower at Rest. 

2.3 Field Measurements 
The same type of fitness flooring tiles were installed on the 8th floor of the field location in Toronto, 

ON. A machined, semi-spherical mass was lifted to the same initial height above the fitness floor as it 
was when tested with the drop tower. It was released from rest and allowed to impact once before it 
was caught. (Figure 2) 

Upper Carriage 

Lower Carriage 

Force Gauge 

Impact Foot 

Test Specimen 
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Three accelerometers were placed on the same concrete slab as the fitness tiles as shown in Figure 3. 
The vibration at each accelerometer was measured due to drops on each of the different fitness flooring 
solutions. 

2.4 Transfer Function Measurement 
 An impact sledge hammer was used to impact the same locations as the heavy/hard impacts on 

the concrete slab. The force impulse and the resulting accelerations were measured, and narrow and 
one-third octave band analyses were conducted on the signals. The impact hammer input force and 
resulting vibration were used to calculate a transfer function in narrow band and one-third octave 
bands. These transfer functions were combined with the force pulses obtained from the drop tower to 
derive an estimated acceleration that can be compared to the actual measured vibration. 

3. RESULTS AND ANALYSIS 

3.1 Force Pulse Measurements 
 First, the force pulse on the five types of fitness flooring were measured with the heavy/hard 

impact drop tower, described above, with a lower carriage mass approximately equal to the machined 
heavy/hard source used in the field testing. Figure 4 shows the performance of three of the five 

Drop Location
Accel. Loc. 2

Accel. Loc. 1

Accel. Loc. 3

0.82 m

6.85 m

3.12 m

Figure 2 – Field testing of fitness tiles with 
machined heavy/hard source 

Figure 3 – Plan view of field-testing locations. 

Figure 4 - Time and frequency response of the force pulse on three of the five fitness floors. 
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flooring solutions. Since the other two hybrid solution force pulses are very similar to hybrid 
solution force pulse shown they are left out of the analysis due to the limited scope of the paper. The 
lower the maximum force and longer the pulse width the better the fitness flooring does in 
decreasing noise and vibration. The frequency response of the fitness flooring solutions also changes 
such that the 3dB cutoff frequency of the apparent low pass filter decreases for solution with wider 
force pulse widths.  

 

3.2 Field Measurement of Heavy/Hard Impacts 
Figure 5 shows the data collected at location 3 for several consecutive impacts for three of the 

floor coverings. The figure shows the time history, narrow band and one-third octave band analysis 
for each floor covering. The data collected for the locally reacting tiles is very repeatable.  While 
the data collected for the hybrid system shows slightly less repeatability. As expected, the amplitude 
decreased significantly as the impacts were on successively higher performing fitness flooring. The 
peak amplitude of the vibration response at location 3 on the GenieMat® FIT70, Apollo, and the 
GenieMat® FIT70 on GenieMat® FF70LDM was approximately 0.02 m/s2, 0.07 m/s2, and 0.013 m/s2 
respectively. This is approximately in proportion to the relative levels for maximum force measured 
on the drop tower. Both the narrow band and one-third octave analysis show the peak of acceleration 
occurred in the 10 to 200 Hz range.  

 
Figure 5 – Vibration response in time, (top row) narrow band (middle row) and one-third octave bands 

(bottom row) at location 3 due to heavy/hard impacts on GenieMat® FIT70 (left column), Apollo 38 mm 
(center column), and GenieMat® FIT70 on GenieMat® FF70LDM (right column). 

 

3.3 Measurement of Transfer Function 
The transfer functions were measured using an impact sledge hammer and several 

accelerometers.  The sensors are listed in Table 2. The signal from the impact sledge hammer was 
used as the input signal to calculate the transfer function. The signals from the accelerometers were 
used as the output. The coherence of several impacts, along with the narrow and one-third octave 
band transfer function magnitude are shown in Figure 6. 
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Table 2 – Summary of sensors used. 

Sensor Type Sensor Make and Mode Sensitivity 

Impact Hammer PCB065D50 0.23 mV/N (1 mV/lbf) 

Accelerometer 1 PCB 353B03 10 mV/g 

Accelerometer 2 Dytran 3055D2 100 mV/g 

Accelerometer 3 PCB 393B05 10 V/g 

 

 
Figure 7 – Predicted results on top of measured data in time, (top row) narrow band (middle row) and 

one-third octave bands (bottom row) at location 3 due to heavy/hard impacts on GenieMat® FIT70 (left 
column), Apollo 38 mm (center column), and GenieMat® FIT70 on GenieMat® FF70LDM (right column). 

Figure 6 – Coherence, narrow and one-third octave band transfer functions for location 3. 
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3.4 Prediction of vibration due to heavy/Hard Impacts 
The transfer functions were then combined with the force pulse data to calculate an estimated 

time history, narrow and one-third octave band vibration levels for each floor covering. The 
prediction results and measured values at location 3 for each flooring solutions discussed above are 
shown in Figure 7. In the frequency range when coherence is high (10 to 200 Hz) very good 
agreement is shown for the locally reacting flooring solutions. The predictions results for the hybrid 
flooring solutions are not quite as good but still show general agreement with measured values. The 
results can also be numerically converted into velocity as is more commonly used in building 
vibration. (Figure 8)  

Below 10 Hz and above 200 Hz, the results do not match well. If techniques are developed to 
increase the coherence of the field measured transfer functions, the agreement between predicted and 
measured results would likely increase. 

 

 
 

Figure 8 – Velocity prediction results in narrow band (middle row) and one-third octave bands (bottom row) 
at location 3 due to heavy/hard impacts on GenieMat® FIT70 (left column), Apollo 38 mm (center column), 

and GenieMat® FIT70 on GenieMat® FF70LDM (right column). 

4. CONCLUSION  
As previously shown, the force pulse of a heavy/hard impact source on fitness flooring can be 

measured in a controlled laboratory environment. A transfer function between the impact force at one 
location and the acceleration at a several other locations can be measured. This transfer function can 
then be combined with the laboratory measured force pulse to obtain an estimated time and 
frequency response. The analysis can be conducted in narrow or one-third octave bands. This 
calculated estimate shows good agreement with the in situ measured time and frequency response 
due to a heavy/hard impacts in the range of 10 to 200 Hz. Further work is needed to improve the 
methodology to include a greater frequency range. Addition work should be performed to test the 
methodology over larger distances and building types, and to extend the predictions to sound. 
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Structure-Borne Sound Isolation of Acoustic Test Chambers: In-Situ 
Validation 

Abhay RAJMANE 
G+H Schallschutz GmbH, Germany 

ABSTRACT 
Acoustic test chambers are used as controlled environment for measuring sound power level of 

diverse equipment ranging from household equipment over automobile components to whole 
automobiles, etc. They are also used as standard environment for diverse acoustic an d vibration 
experiments. The background noise level inside an acoustic test chamber is a crucial factor during the 
sound power measurement of silent specimen or during a test on sensitive equipment. To achieve a 
negligible background noise level, it is inevitable to structurally isolate the acoustic test chamber from 
the surrounding structure. The isolation from structure-borne sound is performed using vibration 
isolator systems. These systems minimize the ingress of structure-borne sound in the floor and walls of 
an acoustic test chamber and thereby minimize the radiated airborne sound in the chamber. The elastic 
isolation is designed such that the natural frequency of the spring-mass system is well below the 
cut-off frequency of the respective acoustic test chamber.  

To validate the elastic isolation of acoustic test chambers, the natural frequency of these chambers 
is experimentally measured on multiple installations. Performing an experimental modal analysis, the 
natural frequencies and mode shapes of different modes of the test chambers are extracted. It is 
validated that the measured natural frequency practically coincides with designed fundamental 
frequency. The experimental results from several acoustic test chambers are presented in this work.  
 
Keywords: Structure-borne-sound Isolation, Elastic Isolation, Anechoic Chamber  

1. INTRODUCTION 
Acoustic test chambers are used as controlled environment for measuring sound power level of 

diverse equipment ranging from household equipment over automobile componen ts to whole 
automobiles, etc. They are also used as standard environment for diverse acoustic and vibration 
experiments. Acoustic test chambers are broadly classified as Anechoic Chambers and Reverberation 
chamber. The background noise level inside an acoustic test chamber is crucial factor during the sound 
power measurement of silent specimen or during a test on sensitive equipment.  

To achieve the negligible background noise levels, the acoustic chambers are built with high 
transmission loss elements. The background noise level cannot be reduced below a certain limit by 
further increasing the airborne transmission loss of walls and ceiling. The direct airborne transmission 
reaches its limit and secondary sound transmission paths dominate the sound pressure  level inside the 
chamber. The secondary path includes the ingress of structure-borne sound in the structure and 
radiation of airborne sound inside chamber. To minimize the background noise level further, it is 
inevitable to structurally isolate the acoustic test chamber from the surrounding structure.  

The isolation from structure-borne sound is performed using vibration isolation products e.g. G+H 
MAFUND Rubber Sheets, VIBREX Spring Strips and metallic spring isolators. These systems 
minimize the ingress of structure-borne sound in the floor and walls of an acoustic test chamber and 
thereby minimize the radiated airborne sound in the chamber. The elastic isolation is designed such 
that the natural frequency of the spring-mass system is well below the cut-off frequency of the 
respective acoustic test chamber. 

Two different measurement approaches are explained in this paper. In the first approach, the efforts 
are dedicated towards computing the difference in structure-borne-sound level between fundament and 
baseplate. In the second approach, the natural frequency of the baseplate is measured using 
experimental modal analysis. The sequential application of the two methods allows us to identify a 
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dedicated demand for a retrofit solution. First, we generally detect or exclude issues with the vibration 
damping system of an isolated measurement chamber and investigate furthermore the detuning in case 
of an improper design.     

2. APPROACH 1: STRUCTURE-BORNE-SOUND TRANSMISSION LOSS  

2.1 Measurement philosophy and set-up  
Normally the air-borne sound transmission loss is measured by exciting one side of sound isolating 

element and calculating difference in sound power level on either side of isolating element, on the 
guidelines of laboratory standard DIN EN ISO 10140-2 (1). The analogous approach is used here as 
described in Figure 1. The elastically isolated baseplate is the receiving side and the fundament is the 
source side. The fundament is excited with a standardized tapping machine and the structure-borne 
sound velocity level is measured on the fundament and on the elastically isolated baseplate as shown in 
Figure 1.  

 
Figure 1 – Experimental set-up 

 

2.2 Measurement results  
The measurements are taken on a baseplate of an anechoic chamber. The dimensions of the 

baseplate are L x W x H = 7.7 x 5.3 x 0.2 m, the total mass including anechoic chamber is 32 t resulting 
in a designed natural frequency of the setup of approximately 4 Hz. The measurement results of 
structure-borne-sound velocity level are plotted in Figure 2. It is observed that the measured velocity 
level on receiving side is almost same as background noise level on receiving side. The curve indicates 
that the structure-borne-sound isolation is working as expected, but the efficiency of structure-borne 
isolation cannot be absolutely quantified as in the case of airborne sound.  

   

 
 

Figure 2 – Experimental results of structure-borne-sound velocity level difference  
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2.3 Intermediate conclusions of Approach 1  
The difference in structure-borne velocity level between source and receiving side is increasing 

with increasing frequency. During these measurements, good scientific practice was observed while 
choosing a low self-noise and high sensitivity accelerometer. Despite this, the level on the receiving 
side is almost equal to background level. On the source side, the magnitude of excitation cannot be 
increased further, because the construction of standardized tapping machine is fixed. Furthermore, the 
level of excitation on source side is largely dependent on the impedance of fundament. A fundament on 
the upper floor of a multi-story building will have a higher source side excitation than a fundament that 
is part of earth floor. Furthermore, because of dispersive nature of structure-borne-sound, amplitude of 
the excited wave is largely dependent on frequency and distance from tapping machine. Therefore, the 
success of structure-borne-isolation cannot be quantitatively accessed using this approach.    

3. APPROACH 2: MEASURING FUNDAMENTAL FREQUENCY OF VIBRATION   

3.1 Measurement philosophy  
The fundamental frequency of elastic isolations is designed based on the cut-off frequency fc of the 

isolated test chamber and the dominant excitation frequency outside the test chamber. The cut-off 
frequency of a chamber depends on the lining depth in case of anechoic chamber or the volume of a 
chamber in the case of a reverberation chamber. It defines the lowest measurable frequency band of the 
airborne sound inside the chamber. The dominant excitation frequency outside the chamber is imposed 
by installed aggregates outside of test chamber.  

To clearly differentiate between rigid-body-vibrations and bending vibrations of the baseplate, a 
detailed modal analysis of the baseplate is performed. A virtual grid is marked on baseplate as shown 
in figure 3. The intersection points of this grid are excitation positions. One asymmetrically located 
grid-point on the baseplate is selected as accelerometer position, which can be excited at all possible 
frequencies in the frequency range of interest. The accelerometer is glued on the baseplate at the 
selected position for all impulse excitations. 

The plate is excited by the impulse hammer at all grid positions and a FFT analysis is performed in 
the frequency range from 0 Hz to 100 Hz. The inertance is defined as cross correlation between 
acceleration and force (2). The frequency response spectrum of each impulse-response combination is 
plotted as magnitude of inertance and imaginary part of inertance. Using the quadrature picking 
method (3), the natural frequency and mode shapes are extracted. The peak in the magnitude of 
inertance indicates the natural frequency of the baseplate. The imaginary part of inertance at the 
corresponding frequency indicates the relative modal displacement at the excitation position. A typical 
result of inertance is presented in figure 3. Using this information, the natural frequencies of vibration 
of the baseplate and their corresponding mode shapes are extracted as shown in figure 5.   

 

 

 

Imaginary grid on baseplate Magnitude and imaginary part of inertance 

Figure 3. Virtual grid on a baseplate and inertance results of experimental modal analysis 

Accelerance (Magnitude)
Working : c7 : Input : FFT Analyzer

0 20 40 60 80

0

2M

4M

6M

8M

[Hz]

[(m/ s²)/ N] Accelerance (Magnitude)
Working : c7 : Input : FFT Analyzer

0 20 40 60 80

0

2M

4M

6M

8M

[Hz]

[(m/ s²)/ N]

Accelerance I (Imaginary Part)
Working : c7 : Input : FFT Analyzer

0 20 40 60 80

-8k

-4k

0

4k

8k

[Hz]

[(m/ N ¹̄s²)̂ ½] Accelerance I (Imaginary Part)
Working : c7 : Input : FFT Analyzer

0 20 40 60 80

-8k

-4k

0

4k

8k

[Hz]

[(m/ N ¹̄s²)̂ ½]

1338



 

 

3.2 Measurement results 
Using this approach, the fundamental frequency of elastic isolation is measured in the case of three 

different baseplates and they are compared with the respective design fundamental frequencies.  

3.2.1 Measurements on a baseplate isolated using metallic spring system  
The measurements are performed on a baseplate of an anechoic chamber, which is designed to 

perform acoustics measurements on automobile components. The anechoic chamber is built on a 
reinforced concrete baseplate of 35cm thickness and isolated using a G+H FU metallic spring system. 
The dimensions of the baseplate are L x W = 7.1 x 6.3 m. The chamber is built up by a combination of 
sound damping panels and wedge absorbers. The mass of the baseplate including the anechoic 
chamber is 57 t and the design natural frequency of the isolation is approx. 4 Hz. The measurement 
grid on baseplate is shown in figure 4.  

   

 

 

 
 

Imaginary grid on baseplate G+H FU metallic spring system 

Figure 4 – Measurement on a baseplate insulated using metallic spring system 
 
The results of modal analysis are presented in figure 5. The measured fundamental frequency of 

whole-body-motion is f1 = 4 Hz and it coincides with the designed natural frequency. Furthermore, the 
tilting mode natural frequency (f2=19.5 Hz) and first bending mode natural frequency (f3=31Hz) are 
extracted from the modal analysis as shown in figure 5. 

 
f1 = 4 Hz f2 = 19.5 Hz f3 = 31 Hz 

   
 

   
 

   
    Figure 5 – Natural frequencies and mode shapes of base plate, metallic spring system    
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3.2.2 Measurement on a baseplate isolated using VIBREX spring strips system  
 As a second object, an acoustic vehicle chassis dynamometer with fc = 100 Hz is selected. The 

chassis dynamometer is built as a room-in-room concept and the weight of the inner room including 
baseplate, massive walls and ceiling is approximately 365 t. The dimensions of the baseplate are L x W 
x H = 13.3 x 10.6 x 0.4 m. The baseplate including inner structure of the anechoic chamber is isolated 
from the fundament using G+H VIBREX spring strips system as shown in figure 6. The design natural 
frequency of isolation is approximately 10 Hz. To perform the modal analysis, a virtual grid is marked 
on baseplate at approximate distances of 2 m, as shown in Figure 6.   

 

 

 
 

 

Imaginary grid on baseplate G+H VIBREX spring strips 

Figure 6 – Measurement on a baseplate isolated using VIBREX spring strips system 

 
The measurement results are presented in figure 7. The first natural frequency of the baseplate is 

observed at 11.75 Hz. From the mode shape, it is observed that it is rigid-body-translatory mode in 
vertical direction. The small difference between designed frequency and measured frequency is caused 
by the missing mass of the wedge absorbers and the ventilation system inside the anechoic chamber at 
the measurement stage. The tilting-mode frequency is observed at 17.75 Hz and first bending vibration 
mode is at 28.6 Hz as shown in figure 7.  
 

f1 = 11.75 Hz f2 = 17.75 Hz f3 = 28.6 Hz 

   

   
Figure 7 – Natural frequencies and mode shapes of base plate, VIBREX spring strips system
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3.2.3 Measurement on a baseplate isolated using G+H MAFUND rubber sheets system  
 The third anechoic chamber is designed for measuring the sound power level of household 

equipment with fc = 100 Hz. Because of stringent requirements on the background noise level, the 
anechoic chamber is built with the room-in-room type construction. The baseplate carrying the 
internal cladding with a flat panel system is isolated from its building using a G+H MAFUND rubber 
sheet system as shown in figure 8. The dimensions of the baseplate are L x W x H = 6 x 5.8 x 0.25 m. 
The mass of baseplate including the anechoic chamber is 38 t resulting in a designed natural frequency 
of the isolation of approximately 21 Hz. To perform the modal analysis, a virtual grid is marked on the 
baseplate with approximate distances of 1 m, as shown in Figure 8.  
 

 

 

Imaginary grid on baseplate G+H MAFUND rubber sheets 
Figure 8 – Measurement on a baseplate isolated using MAFUND rubber sheets system 

 
The natural frequencies of vibration of the baseplate and their mode shapes are presented in Figure 

9. The first fundamental frequency is observed at 22Hz and the first tilting frequency is observed at 26 
Hz. The first bending mode of vibration is observed at 35 Hz and the breathing mode of the baseplate 
is observed at 46 Hz as shown in figure 9. Considering the missing mass of the absorbing system inside 
the anechoic chamber at the time of measurement, the fundamental frequency of spring-mass system 
practically coincides with the design natural frequency.  

 
f1 = 22 Hz f2 = 26 Hz f3 = 35 Hz f4 = 46 Hz 

 
Figure 9 – Natural frequencies and mode shapes of base plate, MAFUND rubber sheets system 
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4. CONCLUSIONS 
Taking measurements of structure-borne-sound velocity levels of source and receiving side and 

computing the difference, it can be qualitatively checked, if the isolation of a baseplate from its 
fundament is properly designed. However, a quantitative measurement of the actual efficiency cannot 
be done.  

A second approach shows that the fundamental frequency of spring-mass system can be accurately 
measured. It is verified for three different types of vibration isolating systems that the measured 
fundamental frequency practically coincides with the designed natural frequency of a given 
baseplate-isolation-system. The robustness of both methods allows us to offer the combined package 
as a service to identify the existence of vibration isolation issue, followed by a classification of the 
severity of a system’s detuning. Based on this quantification, we can rectify the tuning of a given 
spring-foundation-chamber setup to its desired parameters   
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Qualification of an anechoic chamber 
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ABSTRACT 
An anechoic chamber is typically used for acoustical experiments requiring a free-field environment. The 
free-field properties of the chamber can be determined by using a so-called “divergence loss” (i.e., a 
draw-away) test to demonstrate that sound pressure decreases with increasing distance in accordance with the 
inverse square law. For the qualification of free-field environments, the principal governing standard is ISO 
26101:2012. This standard prescribes protocols suitable for qualifying both hemi- and fully anechoic 
chambers including tolerances for deviations from the inverse square law. Either random noise or pure tones 
can be used for the ISO divergence loss test method, depending on the intended application of the chamber. 
This paper describes an ISO qualification test for a medium-sized anechoic chamber with an internal volume 
of 51 cubic meters. The chamber was equipped with a partly-open floor grate and furnished with foam 
wedges having questionable sound-absorptive performance. The chamber could satisfy the ISO tolerances 
when using random noise but failed to qualify when using pure tones. The paper discusses the measurements 
and the likely causes of the discrepancy. 
 
Keywords: Anechoic Chamber, Sound Absorption, Free Field, Divergence Loss, Inverse Square Law, Draw-Away 

1. INTRODUCTION 
The fully-anechoic chamber was manufactured by Industrial Acoustics Company (IAC). It is 

equipped with exposed sound-absorptive foam wedges on all six surfaces (see Figure 1). The net 
volume of the chamber is 51 cubic meters (i.e., in the region between the wedge tips). An 
expanded-metal mesh walking surface extends across most of its projected floor area (see Figure 1). 
The walking surface is supported by slender metal posts that bear on pedestals below. Even though the 
floor grating has many perforations, it is still capable of reflecting high-frequency sound; therefore, 
the operational assumption is that the user would cover the walking surface with sound-absorptive 
material during critical measurements. This assumption also applied to the qualification 
measurements — i.e., whenever the measuring microphones were placed relatively close to the 
walking surface, its semi-reflective surface was covered by 50-millimeter thick glass-fiber panels 
(see Figure 4). 

The project specifications call for a post-construction acoustical qualification test to be conducted 
in accordance with Annex A of ISO 3745. The measurements involve using a qualified sound source(s) 
that emits sound in an omnidirectional pattern. The resulting sound pressures from the source(s) are 
measured at a number of calibrated distances to check whether the sound pressure amplitudes decrease 
with distance in accordance with the so-called inverse-square law. If the chamber conforms to the 
inverse-square characteristic within specified tolerances, ISO 3745 presumes that its acoustical 
environment constitutes a so-called “free field” (i.e., sound waves propagate freely without 
reflections). 

In an ideal free-field environment, the sound pressure from a small source decreases at a rate of six 
decibels per doubling of distance (i.e., a halving of sound pressure). The ratio of [decreasing] sound 
pressure to [increasing] distance is called the “divergence loss” or draw-away characteristic of an 
anechoic chamber. 

                                                        
1 anthony.nash@cmsalter.com 
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Deviations from the ideal draw-away characteristic represent imperfections of the acoustical 
environment within the chamber. With respect to a fully-anechoic chamber, Annex A of ISO 3745 
specifies limits for deviations from the inverse-square characteristic. For frequencies between 800 and 
5000 hertz, the allowable deviations are plus or minus one decibel. Below 800 hertz and above 5000 
hertz, the allowable deviations are relaxed to plus or minus 1.5 decibels. 

Figure 1 – Plan section of 51-m3 anechoic chamber. The tips of the foam wedges are spaced apart by 3.63 meters (11 ft., 11 in.) 

Figure 2 – Expanded metal mesh floor grating used as a walking surface. The floor grating is removable for critical experiments 
at high frequencies. 
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Qualifying the chamber required several draw-away measurements of sound pressure generated by 
a fixed source having uniform directionality. The specifications called for measuring sound pressure at 
a discrete points spaced 25 millimeters apart along five independent traverses, each of which would be 
500 millimeters long. The measurements were to be obtained at the center frequency of eight 
contiguous octave bands extending from 125 Hz to 16 kHz. 

The project specifications read in part: 

“....The source signal used during the testing shall be single or multiple discrete 
frequency sinusoidal pure tones in each octave band over the qualification range. 
Broadband noise, such as pink noise or white noise, is not allowed...”. 

As discovered during the measurements, the requirement for discrete tonal test signals would have 
significant ramifications when attempting to qualify this particular anechoic chamber. 

2. MICROPHONE ARRAY 
The large matrix of position and frequency data required by the specifications leads to 800 discrete 

field measurements of sound pressure. For this reason, it was decided to “mass produce” the field data 
acquisition by simultaneously recording the acoustical signals from an array of four or seven matched 
microphones (see Figure 3). 

3. SOUND SOURCE SIGNALS 
In addition, the tonal source signals were also “mass produced” by creating a pair of complex tone 

clusters based on the respective centers of each fractional octave band. Each tone cluster represented a 
low- or high-frequency range, respectively. 

The signal frequencies were expressly selected so a) they were aligned precisely with the bin 
centers of a fast Fourier transform (FFT) analyzer and, b) potential harmonic distortion components 
from a given tone would not coincide with the fundamental of any other tonal signal. In this way, an 
FFT spectrum of the recorded complex tonal signal would represent the true received sound pressure at 
each tonal frequency of interest. 

Since the number of discrete tones within each of the frequency clusters did not affect the field 
measurement time, it was decided to decrease the frequency spacing of the complex tonal signal from 
octave-band intervals to one-third-octave-band intervals. With this improved spacing of the test 
signals, the low-frequency tone cluster now contained 12 tones and the high-frequency tone cluster 
contained 13 tones as shown in Table 1 below. 

Table 1 – Tone clusters used with low- and high-frequency sound sources 

Frequency, hertz 

Low Range Cluster High Range Cluster 
100 824* 
125 1000* 
160 1248* 
206 1600 

257 2064 
325 2576 
388 3248 
485 3880 
611 4848 

824* 6112 
1000* 8240 
1248* 10000 

 12504 
  *duplicated tonal signals 

By intent, three of the tonal signals within each cluster were duplicates of tones in the other cluster; 
thus, the low- and the high-frequency sound sources each reproduced three duplicate tonal signals. 
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4. SOUND SOURCES 
Given the eight-octave frequency range, it was necessary to use two types of sound sources — one 

for low frequencies and the other for high frequencies. The low-frequency source was a Bruel & Kjaer 
OmniSource Type 4295 as shown in Figure 3. The Type 4295 was used to produce signals in the range 
from 100 Hz through 1250 hertz. 

  

Figure 3 – Left photo: checking the one-meter separation between low-frequency source and closest microphone.          
Right photo: array of seven microphones installed along a diagonal traverse beginning one meter from the low-frequency 
source. The 50-millimeter-thick vertical glass-fiber panels help eliminate undesirable reflections from the floor grating. 

The high-frequency source was a custom-built design conforming to the arrangement suggested in 
ISO 3745. It comprised a 1.5-meter length of 1/8-inch, Schedule 80 steel pipe coupled via tapered 
adapters to a JBL Type 2426J compression driver. The open end of the steel pipe faced upward as 
shown in Figure 4. This high-frequency source satisfied the ISO 3745 directivity requirements up to 
90 degrees off axis. The high-frequency source was used to produce signals between 800 Hz and 
12.5 kHz (the upper frequency limit of the compression driver). 

  
Figure 4 – Left photo: array of four microphones along a diagonal traverse beginning one meter from the high-frequency source. 

Right photo: array of seven microphones installed along a traverse normal to the high-frequency source 

The microphones and their pre-amplifiers were inserted into aluminum tubes fitted over spaced 
aluminum dowels installed in a square wood member. The wood member, in turn, was supported by an 
adjustable tripod head. Figure 4 depicts the fixture used for supporting the microphones at 
25-millimeter intervals. For each traverse measured using tone clusters, an array of seven microphone 
tubes was moved three times along the wood member until data were measured at all 20 microphone 
positions. 

These multi-microphone and multi-tone signal configurations enabled the field data matrix 
to be reduced from [5 traverses x 20 microphone positions x 8 bands =] 800 recordings to [5 traverses 
x 3 microphone array positions x 2 frequency ranges =] ~30 recordings. 
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5. RECORDING INSTRUMENTATION 
G.R.A.S. Type 40AE pre-polarized, one-half-inch condenser microphones were installed on 

Brüel & Kjær Type 2671 constant-current line drive (CCLD) microphone pre-amplifiers. Each 
microphone pre-amplifier was connected to one channel of a Brüel & Kjær Type 5963 eight-channel 
accelerometer power supply system. The Type 5963 featured a DeltaTron® constant-current supply 
combined with a custom amplifier having a gain of 40 decibels. The amplified output signals from the 
Type 5963 were recorded on an eight-channel Sony Type 208Ax digital audio tape (DAT) machine — 
the eighth channel of the DAT machine recorded the source test signal as a timing reference. The 
frequency response of the entire acoustical measuring/recording system was qualified to >10 kHz. 

6. DATA ANALYSIS 
The calibrated recordings were later played back into a fast Fourier transform (FFT) dynamic signal 

analyzer using a flattop window. This analysis resulted in 210 individual FFT spectra, each containing 
an array of either 12 or 13 tones, depending on the frequency range of the source signal cluster. Each 
tonal amplitude was extracted from the FFT spectrum and placed in a spreadsheet so a series of 
divergence loss (i.e., draw-away) data could be plotted at each respective frequency. 

In addition to tonal signals, broad-band (“pink”) noise was also used as a supplemental 
high-frequency source signal for one of the five traverses. In this case, only four microphones were 
deployed so the noise data could be measured onsite using a four-channel one-third-octave-band 
analyzer. The microphones were spaced 100 millimeters apart — for this measurement, the length of 
the four-microphone array was 300 millimeters. The array was successively moved to nine 
overlapping measurement positions along the fixture, resulting in 36 measurements (including 14 
duplicates). The broadband noise test (with its duplicated measurement positions) was intended as 
a further quality control technique in case of discrepancies found in the tonal measurements. 

7. DISCUSSION OF MEASURED DATA 
Figure 5 is a scatter plot of one-third-octave-band data from the broadband noise test. The abscissa 

axis represents the log of the distance ratio in the region between the near and far ends of the 
500-millimeter traverse (the closest microphone is one meter from the source). The ordinate axis 
represents the sound pressure level. 

Figure 5 – Draw-away data from a random noise test signal as measured in one-third-octave bands. At first glance, the 
straight-line fits appear reasonable except that the downward slopes for the 4 kHz and 6.3 kHz bands are too shallow for a free 

field. Many of the scatter points in this chart have multiple values — these data represent duplicated microphone positions. 

For an ideal anechoic chamber, the draw-away characteristic should appear as a straight line 
defined by the expression, 

y = -20x + intercept 

where: y is the sound pressure level in decibels 
  x is the common logarithm of the distance ratio 
  intercept is the sound pressure level at the point where the line intersects the y-axis 

y = -16.2x + 32.1
R² = 0.8
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For a distance ratio of 1.5, an ideal free field should exhibit a reduction in sound pressure of 
precisely 3.522 decibels (equivalent to 6.0206 decibels per doubling of distance). In Figure 5, 
the fitting equation for the 2 kHz band nearly attains this ideal draw-away slope. For this same band, 
the coefficient of determination (the squared correlation coefficient, R2) is 0.9, indicating that the data 
exhibit relatively minor fluctuations about the straight-line approximation. 

For the higher frequency noise bands, the slopes of the fitting lines do not conform to the model. In 
the 4 kHz and 8 kHz bands, the slopes vary from -16.2 to -18.4 and the squared correlation coefficients 
have fallen to 0.8. 

Figure 6 is a scatter plot for the same traverse using high-frequency tones. Compared to bands of 
noise, the use of discrete tones is more revealing of residual acoustical reflections arising from the 
walls, floor, and ceiling surfaces. It is now quite obvious that the acoustical environment in the 
chamber is not behaving like a free field. 

Figure 6 – Draw-away data from the high-frequency tone cluster. The unusual behavior of the 2056-Hz trace indicates that the 
chamber is not anechoic. 

The draw-away for the 2056-Hz tone bears no resemblance to the 2 kHz one-third-octave band of 
random noise shown in Figure 5, above. In Figure 6, the slope of the straight-line fit for the 2056-Hz 
tone is minus 26.4 (eight decibels per doubling) — a value that is physically impossible. The severe 
notch in the draw-away for the 2056-Hz tone suggests an acoustical cancellation occurring between the 
arriving wave front and a strong reflection from a nearby surface. 

Figure 7 shows draw-away data measured with the low-frequency sound source and its associated 
tone cluster. Here, the slope for 125 hertz is much too shallow and the slope for 824 hertz is much too 
steep. The squared correlation coefficients appear to be acceptable; however, this appearance is 
deceiving since the 25-millimeter spatial sampling interval is only a small fraction of a wavelength. 

Figure 7 – Draw-away data measured with a low-frequency tone cluster. The downward slopes of the 325-Hz and 824-Hz test 
signals are too steep for a free-field environment. 
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Figure 8 – Comparison between the low- and high-frequency sources radiating the three duplicated signals from the pair of tone 
clusters. The slopes are much too shallow for a free field. 

As shown in Figures 8, both sources exhibit significant problems with respect to the slopes of the 
straight-line fits being far from the ideal value of -20; nevetheless, one would still expect the 
draw-away performance of the two sources to match one another more closely. 

8. CLOSING REMARKS 
For this particular anechoic chamber, it is likely that the sound-absorption properties of the foam 

wedges were deficient. There was no evidence that the wedges were ever qualified by testing them in 
an impedance tube. 

The slopes of the straight-line fits are affected by reflections from the walls, floor, and ceiling of the 
chamber. These phase-dependent reflections lead to narrow-band acoustical cancellations at high 
frequencies and non-ideal slopes at low frequencies. 

In short, the chamber is absorptive but not anechoic. 
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Abstract
Sound absorption characteristics of materials are of importance for controlling the quality of sound fields as
well as of materials. In the authors’ previous papers, we proposed the concept and measurement method for
surface normal impedance and sound absorption coefficient at random incidence condition, namely, ensemble
averaged surface normal impedance and sound absorption coefficient. We named the measurement method as
EA method, for short. We also showed the theoretical validation using boundary element method and experi-
mental confirmations on the effectiveness of EA method in successive several papers. In this paper, outline of
EA method is summarized, first. Then, reproducibility of the results are examined on measurements conducted
both in a reverberation room as well as in five in-situ sound fields. All the measurements were conducted by EA
method with a pressure-velocity sensor (Microflown PU-sensor) which was calibrated on-site using an acoustic
tube. The results reveal that robust absorption coefficient values with the uncertainties less than 0.03 ∼ 0.04
were obtained regardless of sound fields.
Keywords: Sound Absorption Coefficient, Surface Impedance, Ensemble Averaging, Measurement

1 INTRODUCTION
Since the early days of architectural acoustics established by W. C. Sabine, sound absorption characteristics of
materials play crucial roles for predicting as well as controlling sound fields in built environments. To measure
the values, various methods have been proposed; and some of them were standardized internationally. Not a
small number of people, however, frequently encounter difficulties at their practical measurement stages for
materials’ sound absorption characteristics. Sometimes, the difficulty depends on the material’s property itself:
i.e. mounting issues are pesky enough for certain materials to measure sound absorption characteristics properly
in the tube method, an expensive reverberation room is indispensable for the reverberation room method, results
of the reverberation room method depend on the room’s characteristics, standard area size required for the
reverberation room method might cost a lot for certain materials under development, and so on.
The ensemble averaging technique was proposed to overcome such difficulties. First, Takahashi et al. [1]
proposed an in-situ measurement method utilizing the transfer function method with two-microphone, namely
EApp method, for short. Then, Otsuru et al. [2] presented an improved method utilizing a pressure-velocity
sensor (PU-sensor, Microflown), EApu method; and they also revealed, using boundary element method, that
the ensemble averaging efficiently cancels the disturbing interference effects caused by the specimen’s edge
diffractions. Comparisons of measurement results between EA method and tube method were presented by Nazli
et al. [3] along with detailed discussions on the effects of sample size and receiver-to-sample distance. They
also examined the reproducibility and applicability of EApu method method with round robin tests conducted at
four reverberation rooms and three ordinary environments: a classroom, lobby and corridor.
On the other hand, Asniawaty et al.[5, 6] reported a humidity effect on measurement values by EApu method.
Then, Sakamoto et al. [7] proposed a refined on-site calibration method; and, with the method, EApu’s repro-
ducibility in three reverberation rooms located at different cities were presented.
In this paper, EApu method outline is summarized, first; and detailed information required for practical applica-
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Figure 1. Measurement setup of the EA method. At the sensor position, EApu method sets PU-sensor; and
EApp method sets two-microphone. Sensor is located d m above the specimen surface.

Figure 2. Specimen size and receiving points.

tions is exhibited. Then, to show EApu method’s applicability, results of EApu method measurement conducted
at sound fields including in-situ conditions, when on-site calibration is performed, are demonstrated.

2 EA METHOD OUTLINE
Standard setup for EA method is illustrated in figure 1. At the sensor position, EApu method sets PU-sensor;
and EApp method utilizes two-microphone. In this paper, EApu method is focused on because of the theoretical
simplicity based on their geometrical allignment.

2.1 Geometrical configurations
Theoretically, the less is the distance d between PU-sensor and specimen surface, the better the values of
absorption characteristics become, which was supported by BEM simulation presented in literature [3]. While,
in a practical measurement, certain distance is inevitable because of physical sensor-sizes as well as roughness
of specimens’ surfaces. Based on many trial-and-error measurements using PU-sensor (Microflown, PU regular),
the authors have employed d = 0.01 m since the studies focused on the measurement within the frequency range
from 200 Hz to 1500 Hz [4]. Considering that the PU-sensor sensor diameter is half-inch, the distance is a
safer compromise. However, when a precise measurement in higher frequency range is to be conducted, some
improvements be required.
Sample specimen’s size effect is also discussed in one of our former papers [3] and, when EA method is
conducted, specimens made of the same material with the dimensions larger than 0.5 m × 0.5 m result almost
identical sound absorption characteristics: ensemble averaged surface normal impedance Zn,EA and absorption
coefficient αEA. In case non-uniform materials are to be measured in rather high frequency regions, selection
of proper receiving points shall be an important issue. The issue, however, will be discussed in another paper,
and hereinafter, PU-sensor is located at three points on a specimen to average(figure 2). A measurement on a
specimen with the same setting at one of the three points is repeated three times to examine repeatability, i.e.
the total number of a single measurement equals nine.
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2.2 Sound source
EA method at early stage [1] utilized environmental pseudo-random noise as sound source for measurement;
and, in case it is insufficient, loudspeakers radiating incoherent pseudo-random noises were employed. In such
measurements, two-microphone of IEC 61672 class 1 quality was employed and signal to noise ratios (SNR) at
measurements were considerably satisfactory.
On the other hand, it is known that SNR of particle velocity sensor in rather lower frequency region is less sat-
isfactory comparing to those of microphones for precise measurements. Then, up to until now, in EApu method
measurements conducted in-situ, we have employed four to eight portable loudspeakers to radiate incoherent
pink noises which were moved around randomly by human-hands at the speed about 0.8 ∼ 1.0 m/s on an ideal
sphere with the radius about 1.5 m away from the specimen’s center receiving point. At the measurements
conducted in reverberation rooms, four to six loudspeakers and one or two sub-woofers were set on the floor
which radiate incoherent pink noises, as well [7].

2.3 Signal processing [2]
As is illustrated in figure 1, sound pressure P and particle velocity Un normal to specimen surface are re-
spectively measured by PU-sensor through a Hanning window with a time length of 0.64 s ∼ 1.00 s on a
2-channel fast Fourier Transform (FFT) instrument. Then, ensemble averaged surface normal impedance Zn,EA
and corresponding absorption coefficient αEA are defined and calculated by the following equations:

Zn,EA =
P

Un
, (1)

αEA = 1−
∣∣∣∣Zn,EA −1
Zn,EA +1

∣∣∣∣2 . (2)

On the FFT, Zn,EA is measurable as the transfer function HU,P between Un and P with linear averaging 150
times in the time domain; and ensemble averaging is, thus, performed automatically.

2.4 On-site PU-sensor calibration
Generally speaking, sensor calibration is essential for a precise measurement. In EApp method, the authors
employ the "changing sensor position" method. While, in EApu method, we recommend on-site calibration
using an acoustic tube, the details of which is discussed in literature[7]. A brief summary is given, below.
When an in-situ measurement of some kinds for sound absorption is conducted, environmental conditions, e.g.
atmospheric temperature and humidity, frequently fluctuate. To avoid contamination of the atmospheric fluc-
tuations from measured results by PU-sensor, on-site calibration is preferable[5, 6, 7]. Figure 3 illustrates an
overview of an acoustic tube for PU-sensor calibration. The acuostic tube with the dimensions of D = L−X =
0.05 m is designed to cover the frequency range from 100 Hz to 3000 Hz, or, from 125 Hz to 2500 Hz in 1/3
octave band[7]. Whenever a measurement is conducted by EApu method, it is desirable to perform a calibration
using such an acoustic tube. The authors’ former studies[5, 6] have revealed that relative humidity difference
within 8% is acceptable between relative humidities at a sound absorption measurement and at a PU-sensor
calibration.
Although wind speed is another important issue on environmental conditions, it will be discussed near future.
All the measurements in this study are conducted when wind speed is slow enough to neglect the effect. From
the view point of wind speed, closed tube is advantageous in eliminating the effect. Influence of environmental
noise is easy to eliminate, too.
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Figure 3. Acoustic tube for PU-sensor calibration. End walls are openable for the purpose of ventilation.[7]

Table 1. Abbreviations and dimensions of measured specimens.

Material Abbrev. Dimensions [m×m×m]
Glass-wool (32 kg/m3) GW 0.5 × 0.5 × 0.05

Needle felt NF 0.5 × 0.5 × 0.01

3 MEASUREMENT SETUPS FOR REPRODUCIBILITY EXAMINATION
3.1 FFT setting
Following above mentioned configurations and procedure, EApu method measurements were conducted using
2ch-FFT (B& K, Pulse) and PU-sensor (Microflown, PU regular). The time length of Hanning window was set
to 0.64 s to shorten measurement time especially for in-situ measurement.

3.2 Specimens and on-site PU-sensor calibration
Sound absorption characteristics, Zn,EA and αEA, of two specimens listed in table 1 were measured. The two
specimens were brought to each sound field to measure their absorption characteristics in-situ. As mentioned
above, each measurement of a specimen was conducted at three receiving points (figure 2) on the specimen
surface and the measurement was repeated three times on different days to investigate the repeatability.
Here, on-site PU-sensor calibration using the acoustic tube was performed just before/after a series of measure-
ment in a day at one of the following sound field. At every on-site PU-sensor calibration, both end walls were
opened for ventilation to make atmospheric conditions similar to each other between in and out of the acoustic
tube.

3.3 Sound fields
Measurements were conducted in five in-situ sound fields and in Oita university reverberation room. Details
of the sound fields are listed in table 2. As to show an example overview, photographies of Caf are shown
in figure 4. All the in-situ measurements were performed at ordinary furniture conditions with desks, tables,
chairs, and so on. Only extraordinary impulsive noise like door-bangs were eliminated manually but ordinary
environmental noise like air-conditioner noise existed during the measurements.

3.4 Sound source systems at measurements
As mentioned in section 2.2, all measurements conducted in Oita university reverberation room employed the
sound source system consists of both a sub-woofer (YAMAHA, NS-SW700) and six full-range loudspeakers
(Fostex, FE-103En mounted in wooden box) located on the floor. While, the other measurements conducted
in-situ employed a system that consists of six portable loudspeakers (JBL, Micro wireless) moved by human-
hand. Incoherent pink noises were emitted from the loudspeakers as well as from the sub-woofer. Figure 5
shows frequency characteristics of Leq,20s measured by sound level meter during the three-day EApu method
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Table 2. Sound fields used for the measurements.

Abbrev. Name Volume [m3] Interior surface materials (ceiling, walls, floor)
RR Oita univ. reverberation room 168 Concrete, Concrete, Concrete
Caf Cafeteria 2389 Wood, Wood & Glass, Stone
Cr Corridor in a building 177 Gypsum board, Mortar, Vinyl tile
Tr Terrace (semi-outdoor) - -, - & Glass, Brick-tile

R-E Room for environmental simulation 70 Rock wool board, Wall cloth & Glass, Tile-Carpet
RC Reinforced concrete house 34 Concrete, Concrete, Concrete

Figure 4. Snapshots of sound field at Oita university cafeteria "Caf" where in-situ EApu method measurements
were conducted. (Left): overview, (Right): scenery at EApu method measurement of GW.

measurements at the specimen’s center point in Caf. Microphone position of the sound level meter is set close
to the location of sensor of PU-sensor.

4 RESULTS AND DISCUSSION
4.1 Comparison between six sound fields
Figure 6 shows sound absorption characteristics measured by EApu method at the six sound fields. Both Zn,EA
and αEA are averaged over nine-time repetitions; and mean values of them are compared between sound fields.
As for GW, agreements of Zn,EA values between sound fields are excellent in the frequency region from 500

Figure 5. Frequency characteristics of Leq,20s measured by sound level meter during the three-day (1st, 2nd and
3rd) EApu method measurements. Microphone of the sound level meter was placed at the specimen’s center
point close to PU-sensor. The measurements were conducted in the sound fields Caf (Left) and Cr (Right).
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Figure 6. Sound absorption characteristics of GW (left column) and NF (right column) measured by EApu
method at six sound fields (RR, Caf, Cr, Tr, R-E, RC). Mean values over nine-times repetition in each sound
field are plotted. (upper row): surface normal impedance; and (lower row): absorption coefficient.

Hz to 3000 Hz. Although, in the lower frequency region below 500 Hz, certain discrepancies caused by zig-zag
shape fluctuations are observable, overall tendencies agree well each other.
Likewise, agreements of αEA values between six sound fields are excellent in the frequency region from 500
Hz to 3000 Hz; and similar tendencies to those of ZEA values are observable.
On the other hand, as for NF, agreements of both Zn,EA and αEA values are rather worse comparing to those of
GW; and Zn,EA values in the frequency region below 500 Hz show certain large deviations.
Here, it is noteworthy that both Zn,EA and αEA values measured in R-E show distinct differences from those
measured in the other five sound fields. The differences are considered to be caused by flooring materials
behind NF listed in table 2. In R-E, floor material is tile carpet; while, in the other five rooms, floor materials
are concrete, stone, vinyl tile, brick tile, and concrete. Thus, higher absorption coefficient obtained in R-E is
considered to result from the absorptive tile carpet behind NF. The effect is not obvious for GW because of the
specimen’s higher absorption.

4.2 Reproducibility examination
To examine the reproducibility of measurements by EApu method over sound field difference, 1/3 octave band
values of αEA and their standard deviation σ values are plotted in figure 7. As for both GW and NF, agreements
of 1/3 octave band mean values of αEA between six sound fields are excellent in all the frequency region from
100 Hz to 3000 Hz except those of NF measured in R-F. The reason why the exception occurs is resulted from
the existence of the absorptive tile carpet behind the specimen, as stated above.
Due to the disagreement caused by the measurement of NF in R-E, standard deviation σ values of NF become

1355



Figure 7. Comparisons of 1/3 octave band mean values of αEA of GW and NF between six sound fields (RR,
Caf, Cr, Tr, R-E, RC). Standard deviation σ values are plotted together with right axis.

larger than 0.03 in the frequency region from 1000 Hz to 2000 Hz. Nonetheless, the other σ values stay
around or less than 0.02, which shows the reproducibility of EApu method applied to sound fields including
in-situ. Note that, though all the in-situ measurements at five sound fields were conducted with six portable
loudspeakers moved around by human-hands, αEA values were obtained with such small deviations.
Thus, EApu method following above mentioned configurations and procedure results robust results with σ ≤
0.03 ∼ 0.04 regardless of sound field difference provided on-site PU-sensor calibration is performed.

5 CONCLUSIONS
As a measurement method for sound absorption characteristics of materials, EA method is robust and advanta-
geous in: (1) short measurement time about 1 min (for 150 times linear averaging in time domain on FFT); (2)
in-situ measurements give almost similar results to those measured in a reverberation room; (3) reproducibil-
ity on sound field difference is as exhibited above: standard deviation σ ≤ 0.03 ∼ 0.04 for 1/3 octave band
mean values of αEA; and (4) edge effect of material is insignificant: i.e. flexible for specimens in shapes and
sizes (larger than 0.5 m × 0.5 m area is recommended). A disadvantage might be that PU-sensor calibration
takes some additional time. Meanwhile, material’s non-uniformity issue is needed to be discussed and various
applications including the issue are undertaken, as well.
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ABSTRACT 
A novel measurement system for oblique-incidence absorption coefficients has been developed using a thin 
rectangular chamber and two arrays of microphones. In this method, a series of incident and reflected plane 
waves at corresponding angles are decomposed based on a propagation mode expansion technique. 
Accordingly, absorption coefficients are determined at discrete incidence angles, of which number 
increases with frequency. First, a test measurement for glass wool was done in comparison with theoretical 
estimates. As a result, the measurement system was basically validated, but abnormal values were 
occasionally observed at singular combinations of frequency and incidence angle. The faults theoretically 
occur under two conditions: the interval of microphone arrays coincides with a half wavelength in 
incidence angle, and some modes are not generated due to loudspeaker position mismatch. Therefore, two 
post-processes were incorporated to exclude abnormal values systematically. Then, measurements were 
done for various types of absorbing materials, such as urethane foam, rock wool board, perforated panel, 
and honeycomb resonators, and their incidence angle dependence of absorption coefficients was examined. 
 
Keywords: Absorption coefficient, Oblique incidence, Mode expansion 

1. INTRODUCTION 
There exist several methods for measuring oblique-incidence sound absorption coefficients in the 

free or semi-free field, which generally requires a specimen with a large surface area [1-3]. On the 
other hand, we have recently proposed a novel method where the measurement is done for a strip of 
specimen in a thin rectangular chamber, and applying a propagation mode expansion technique with 
two arrays of microphones [4]. In the thin-chamber method, a series of incident and reflected plane 
waves at corresponding angles are decomposed in the two-dimensional field, which is similar to the 
impedance tube method for measuring normal-incidence absorption coefficients. Accordingly, 
normal- and oblique-incidence absorption coefficients can be determined at a series of incidence 
angles corresponding to the propagation modes, of which number increases with frequency. However, 
some faults can theoretically occur under two singular conditions: the interval of microphone arrays 
coincides with a half wavelength in incidence angle, and some modes are not excited due to 
loudspeaker position mismatch. 

In the first part of this paper, a test measurement is done for glass wool to validate the 
measurement system in comparison with theoretical estimates, where two post-processes are 
incorporated to exclude abnormal values systematically under the two unsuitable conditions. 
Furthermore, using the measured values at all the combinations of frequency and incidence angle, 
oblique-incidence absorption coefficients at 1/3-octave bands are estimated by the least squares 
method. In the latter part, measurements are done for various types of absorbing materials, such as 
urethane foam, rock wool board, perforated panel, and honeycomb resonators. In comparison with 
theoretical estimates, their incidence angle dependence of absorption coefficient is examined. 
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2. MEASUREMENT METHOD AND SYSTEM 
2.1 Measurement Principle 

Considering a two-dimensional sound field with rigid boundary conditions at x = 0  and x =W  
(Fig. 1), sound pressure is expressed as the superposition of propagation modes, that is, 

 p x, y( ) = an exp − jky
ny( ) + bn exp jky

ny( )⎡⎣ ⎤⎦
n=0

∞

∑ cos jkx
nx( ) , (1) 

where kx
n  and ky

n  are nth wave numbers in x and y directions. The nth mode satisfies kx
n = nπ W  

and ky
n = k2 − kx

n2 , thus its traveling angle is defined as 

 
θn = arcsin

kx
n

k
⎛
⎝⎜

⎞
⎠⎟
= arcsin nc

2Wf
⎛
⎝⎜

⎞
⎠⎟

. (2) 

Supposing that the surface of a specimen is at y = 0 , an  and bn  are the amplitudes of the incident 
and reflected plane waves, respectively. Accordingly, the oblique-incidence absorption coefficient at 
the incidence angle θn  is given by α n = 1− bn an

2 . 
Multiplying Eq. (1) by mth x-directional basis, cos jkx

mx( ) , and integrating it over x axis can 
extract the average sound pressure for mth propagation mode as follows: 

 pm y( ) = εm
W

p x, y( )cos jkx
mx( )dx

0

W

∫ = am exp − jky
my( ) + bm exp jky

my( ) , (3) 

where εm  is 1 for m = 0 , and 2 for m > 0 . In the measurement, sound pressures are measured in 
the lines y1  and y2 , and then, pm  are calculated for each mode at the two lines. Finally, the 
amplitudes of the incident and reflected waves of each mode can be determined by 

 
am
bm

⎧
⎨
⎪

⎩⎪

⎫
⎬
⎪

⎭⎪
= 1
2 j sin ky

mΔy( )
exp jky

my2( ) −exp jky
my1( )

−exp − jky
my2( ) exp − jky

my1( )
⎡

⎣

⎢
⎢
⎢

⎤

⎦

⎥
⎥
⎥

pm y1( )
pm y2( )

⎧
⎨
⎪

⎩⎪

⎫
⎬
⎪

⎭⎪
, (4) 

provided that ky
mΔy ≠ nπ  where Δy = y2 − y1 . 

 

 

Figure 1 – Propagation modes in two-dimensional sound filed. 
 

2.2 Measurement System 
Figure 2 shows the geometry of a thin chamber with dimensions of W = 1.3 m, D = 0.6 m, and H = 

0.05 m, where a strip of specimen is installed along a long side. A loudspeaker can be installed at one 
of 10 positions on the opposite side to a specimen, and the position near a corner (no.10) is chosen in 
order to generate all propagation modes. The interval of two lines for microphone arrays is 8 cm, and 
64 receiving points are located at an interval of 2 cm in each line. In actual, changing two circular 
holders with 4 microphones, 8ch impulse response measurements using a 1.37-second log swept sine 
signal are done in turn. Subsequently, complex sound pressures are calculated at all points by the 
Fourier transform, and the average sound pressures of each propagation mode are calculated at the 
two receiving lines using the trapezoidal rule in Eq. (3). 
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Figure 2 – Geometry of the thin chamber with two microphone arrays and a loudspeaker. 
 
2.3 Measurable Frequency Range and Angles 

The above thin-chamber system has limitations on frequency and incidence angle in the 
measurement. First, because of the requirement for two-dimensional field, the height of the chamber 
gives the upper limit frequency, fu = c 2H , which is 3.4 kHz for this chamber. Second, the incident 
and reflected waves cannot be determined by Eq. (4) under the condition, ky

mΔy = π , where the 
interval of microphone arrays coincides with a half wavelength in incidence angle. The singular 
frequency for each mode is expressed by 

 fs
m = c

2
m
W

⎛
⎝⎜

⎞
⎠⎟
2

+ 1
Δy2

. (5) 

Therefore, measurement faults possibly occur at specific incidence angles above the lowest singular 
frequency, fs

0 = c 2Δy , which is 2.1 kHz for this chamber. If avoiding the faults under fu , the 
interval of microphone arrays should be set less than the height of chamber, in a similar manner to 
the impedance tube method. Figure 3 shows the measurable frequency range and incidence angles in 
this chamber, where the number of propagation modes increases with frequency. For instance, the 
1/3-octave band of 500 Hz contains 4 oblique-incidence modes and a normal-incidence mode, which 
could be enough to estimate the incidence angle dependence of absorption coefficient. 
 

 

Figure 3 – Measurable frequency range and incidence angles in the chamber. 
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3. VALIDATION OF THE MEASUREMNT SYSTEM 
A test measurement of oblique-incidence absorption coefficients is done for glass wool with a 

bulk density of 32 kg/m3 and a thickness of 25 mm. First, two post-processes are examined for 
excluding outliers due to the interval of microphone arrays and loudspeaker position mismatch, 
respectively. Subsequently, using the measured values, oblique-incidence absorption coefficients at 
1/3-octave bands are estimated by the least squared method. 

3.1 Treatment for Singular Frequencies 
Figure 4 (a) shows the oblique-incidence absorption coefficients of the glass wool, measured in 

the 1/3-octave band of 2000 Hz. As is illustrated in Fig. 3, this band includes singular frequencies 
due to the interval of microphone arrays, thus causing abnormal values between 0 and 20 degrees. 
Therefore, a post-process for excluding the outliers is introduced, where measured values are 
removed if ky

mΔy  is within (1± Δ)π . Figures 4 (b), (c) and (d) show the results after the 
post-process with Δ = 0.01, 0.05 and 0.1. It is seen that the outliers below 20 degrees steadily 
disappear with increasing Δ, however, those around 40 degrees still remain. In the following, Δ is 
fixed at 0.1 for this post-process. 
 

 

Figure 4 – Oblique-incidence absorption coefficients measured in 1/3-octave band of 2000 Hz: 
(a) raw, and (b) processed with Δ = 0.01, (c) Δ = 0.05, (d) Δ = 0.1. 

 
3.2 Treatment for Unexcited Modes 

Figure 5 shows the relative sound pressure levels of incident and reflected plane waves 
decomposed for calculating the absorption coefficients in Fig. 4 (a). It is seen that the levels of 
incident waves remarkably drop around 40 degrees, which is considered to result in the remaining 
outliers in Fig. 4 (d). Figure 6 illustrates the positional relation of the loudspeaker position (no.10) 
with the three propagation modes (9th, 10th and 11th). In theory, the 10th mode cannot be excited, 
and there is a possibility that the two adjacent modes will be not sufficiently excited. Therefore, 
another post-process for excluding unexcited modes is additionally introduced, where measured 
values are removed if the amplitude of incidence wave is less than Γ times the average amplitude 
over all modes. Figure 7 shows the results before and after the second post-process with Γ = 1/4, 1/2 
and 3/4. It is seen that the outliers after the first post-process are sufficiently excluded with Γ = 1/2 
(-6 dB relative to the average level), thus this criterion is used in the following. 
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Figure 5 – Relative sound pressure level of incident and reflected waves in 1/3-octave band of 2000 Hz. 
 

 

Figure 6 – Loudspeaker position mismatch for three propagation modes. 
 

 

Figure 7 – Oblique-incidence absorption coefficients measured in 1/3-octave band of 2000 Hz: 
(a) before the second process, and (b) processed with Γ = 1/4, (c) Γ = 1/2, (d) Γ = 3/4. 

3.3 Estimation of Incidence Angle Dependence 
Figure 8 (a) shows the measured values at the center frequency of each 1/3-octave band, but 

which are insufficient and uncertain to estimate the incidence angle dependence of absorption 
coefficient over all angles. On the other hands, Fig. 8 (b), (c) and (d) show the measured values at all 
combinations of frequency and incidence angle in the three bands, which will be useful to estimate 
the incidence angle dependence in each band. Accordingly, estimations using all the measured values 
excluding outliers are tested with two different curve fittings using the least squares method. One is a 
global fitting with a high-order polynomial, and another is a piecewise estimation where lower-order 
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polynomials are used for the three angle ranges divided at 60 and 85 degrees. In the two fittings, the 
absorption coefficient at 90 degrees is assumed to be zero, and the continuity of slope is imposed at 
the two dividing angles in the piecewise fitting. 

Figure 9 shows the absorption coefficients of glass wool with thicknesses of 25 and 50 mm, 
estimated by the two curve fittings at 500, 1000 and 2000 Hz, where 5th-order polynomials are used 
in the global fitting, while for the piecewise estimation, 2nd-, 4th- and 1st-order polynomials are 
used below 60 degrees, between 60 and 85 degrees, and above 85 degrees, respectively. In addition, 
theoretical lines are indicated, which are calculated with some parameters that are estimated from 
normal-incidence absorption coefficients based on Kato model [5]. It is seen that the estimated 
results with the two fittings are generally in good agreement with the theoretical ones, although the 
estimates tend to be greater around 70 degrees, especially at 500 Hz. Moreover, small unnatural 
fluctuations appear below 60 degrees in the results with the global estimation, so that, the piecewise 
estimation may be more suitable for this purpose. Finally, the feasibility of the developed 
measurement system is validated in the case with glass wool. 
 

 

Figure 8 – Oblique-incidence absorption coefficients measured in 1/3-octave bands: 
(a) center frequencies, (b) 500 Hz band, (c) 1000 Hz band, (d) 2000 Hz band. 

 

 

Figure 9 – Incidence angle dependence of glass wool (32 kg/m3) with a thickness of (a) 25 mm, (b) 50 mm, 
estimated by two curve fittings and by theory at 500, 1000 and 2000 Hz: 
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4. MESUREMENTS FOR VARIOUS ABSORBING MATERIALS 
4.1 Porous Materials 

Measurements of oblique-incidence absorption coefficients are done for three types of porous 
materials with different bulk densities and thicknesses: a glass wool (ρb = 32 kg/m3, t = 25 mm), an 
urethane foam (ρb = 24 kg/m3, t = 25 mm), and a rock wool board (ρb = 325 kg/m3, t = 9 mm). Figure 
10 shows the measured values excluding outliers in the 1/3-octave bands of 500, 1000 and 2000 Hz, 
and the theoretical lines at the center and upper/lower cutoff frequencies. Although some 
discrepancies are seen in the 500 Hz band, the measured results well correspond with the theoretical 
ones regardless of the type of porous materials. It is noted that theoretical absorption coefficients 
around 70 degrees are considerably sensitive to the parameters estimated under the normal-incidence 
condition, and furthermore, the effect of anisotropy will be included in the measured results. 

 

 

Figure 10 – Oblique-incidence absorption coefficients measured for three porous materials in 1/3-octave 
bands of 500, 1000 and 2000 Hz: (a) glass wool, (b) urethane foam, (c) rock wool board. 

 
4.2 Perforated Panels 

In order to examine the incidence angle dependence of absorption coefficient of resonator-type 
absorbers, measurements are done for two types of perforated panel structure. One is a 5 mm thick 
board with holes (diameter: 5 mm; pitch: 25 mm) and a 20 mm thick air layer, of which resonance 
frequency is 750 Hz. The other is a honeycomb resonators panel composed of a 1 mm thick front 
plate with holes (diameter: 1 mm; pitch: 8 mm), a 18 mm thick core, and a 1 mm thick back plate, of 
which resonance frequency is 1015 Hz. Figure 11 shows the measured values around 1000 Hz, with 
theoretical lines estimated by Atalla’s model [6]. It is seen that the ordinary perforated panel has 
strong incidence angle dependence, where a resonance peak shifts with frequency. On the other hand, 
the honeycomb resonators panel has no incidence angle dependence below 60 degrees, corresponding 
to the theoretical estimates. 
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Figure 11 – Oblique-incidence absorption coefficients measured for three porous materials in 1/3-octave 
bands of 794, 1000 and 1260 Hz: (a) perforated panel, (b) perforated honeycomb panel. 

5. CONCLUSIONS 
The developed thin-chamber system for measuring oblique-incidence absorption coefficients was 

tested, incorporating two post-processes that exclude the outliers caused by the interval of 
microphone arrays and the loudspeaker position mismatch. The test measurement for glass wool 
demonstrated the behavior of the outliers, and confirmed the validity of the two post-processes. 
Furthermore, using the measured values at all the combinations of frequency and incidence angle, the 
incidence angle dependence of absorption coefficient was estimated by least squares method. This 
measurement method was applied for two types of absorbing materials such as porous materials and 
perforated panels, and their incidence angle dependences were successfully demonstrated in 
comparison with the theoretical estimates. 
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ABSTRACT 
Due to rapid urbanization, noise pollution becomes the environmental problems in Asia and their 

harmful effects on people's health are undeniable. Reducing noise by absorption material is a good 
alternative. Bricks are one of the most common construction supplies in Asia because of the cost. 
Therefore, this study aims to apply for the authors' EApu method (sound absorption characteristics 
measurement method using ensemble averaging technique and a pressure-velocity sensor) to clay 
bricks to clarify the relationship between the sound absorption coefficient and the amount and size of 
an additive. The measurement was conducted in a reverberation room following the procedure 
presented in our previous papers. Measured bricks have four types of porous that were de signed by 
selecting from different sizes of charcoal that was added into the specimens in the amounts of 0 -
30%wt. Next, samples were fired at 1100 ̊C and tested for sound absorption coefficient. Lastly, the 
microstructure analysis was conducted. The results indicated that the larger size and higher percentage 
of charcoal added in fired clay bricks presented the excellent absorption coefficient. Such a detailed 
investigation can be performed by the EApu method, and the EApu method helps material designing 
process become more accessible to control sound absorption.  
 
Keywords: Quantitation, Particle size, Clay bricks, Sound absorption coefficient, and EApu method. 

1. INTRODUCTION 
Noise pollution is one of the most severe pollutions found in the world . Reducing noise by using 

absorption materials are a good option and have many research guarantee as well as an economic 
viewpoint on the manufactures in an around South East Asian countries that leads us to start 
investigating the sound absorption characteristics of clay bricks .    

Porous sound absorption bricks are composed of channels, cracks, or cavities, which allow the 
sound waves to enter the materials . Sound energy is dissipated by thermal loss caused by the friction 
of air molecules within the pore walls, and viscous loss brought the viscously of airflow within the 
materials. These energy consumption principles endow porous materials with broad frequency band 
for sound absorption (1, 2). 

Two techniques commonly used to perform as measurements sound absorption coefficients ar e a 
reverberation room method (ISO 354:2006) (3) and an Impedance tube method (10534-2:1998) (4). These 
methods are not suitable for materials under development . The reverberation room method determined 
the dimensions of samples should be the minimum and maximum sample size as 10m2 – 12m2 
respectively, while impedance tube determines are tightly fixed to one end of the tube during the 
measurement. It found that the size and shape of samples are very problematic to form clay brick . Thus, 
the EApu method was adapted to this measurement . 
 
1 v18f2003@oita-u.ac.jp 
2 otsuru@oita-u.ac.jp, tomiku-reiji@oita-u.ac.jp, and nishiguc@oita-u.ac.jp 
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Firstly, Takahashi et al. (5) proposed “EA method” as to measure materials’ sound absorption 
characteristics, surface normal impedance and absorption coefficient, in -situ using a two-microphone 
utilizing environmental ambient noise . Next, Otsuru et al. (6) resumed the method using a pressure -
velocity sensor, pu-sensor, and showed that the ensemble averaging technique serves to obtain stable 
sound absorption characteristics eliminating the material ’s edge-effect. Then, our recent paper (7) 
presented an improved calibration method of pu -sensor using acoustical tube taking account of relative 
humidity change. From the calibration by using the EA method and using a pu -sensor, it was found the 
EApu method have excellent reproducibility . 

Herein, EApu method is applied onto clay bricks and clarify the relationship of this material, sound 
absorption coefficient, and physical properties . Meanwhile, an adequate averaging number for the 
material is discussed because individual differences between bricks as well as positions are inevitable 
for standard economic clay bricks . 

2. MATERIALS AND METHODS 

2.1 Raw Materials, Forming and Sintering Process 
The local clay used as raw material was obtained from Ko Kha district in Lampang province, 

northern of Thailand. Then, the local clay was grounded for 8 hours in a ball mill and passed a sieve 
with 230 mesh in order to determine the extent of the pore-forming effected by using charcoal. The 
charcoal was a dry sieve and separated into four different sizes; large (L): 2 mm, medium (M): 1.5 
mm, small (S): 0.5 mm, and (F) fineness: less than 0.05 mm. Next, the prepared charcoal powder was 
added into the local clay brick with seven different percentages : 0, 5, 10, 15, 20, 25 and 30 percent of 
the total weight (%wt). After that, the specimens were formed by pressing . Each group of green 
specimens was fired at 1100 degree Celsius with two hours soaking time in the electric kiln furnace . 
The specimens were natural cool down to room temperature in the furnace. Finally, the specimens 
were tested physical properties, sound absorption coefficient, and microstructure analysis to find a 
correlation between properties.  

2.2 Test and Specimens Description  
Table 1 – Description testing method and specimens dimension which explain in results and discussion 

Result and discussion Test Specimens Dimensions  
3.1 
3.2 

EApu Method 
EApu and Tube Methods 

100×100×10 mm 
ø10×5 mm 

2.3 Microstructure Analysis, Physical Properties Testing and Multivariate Linear Model  
The Microstructure Analysis was done by using optical microscopy . The Physical properties test 

method was carried out under the standard of Thai Industrial Standard (TISI 77-2545) to determine the 
water absorption (8) while the method based on ASTM C373-88 was used to determine the bulk density, 
and apparent porosity (9).  

The physical properties data were analyzed to find the relationship between physical properties 
and absorption coefficient from the EApu method in term of noise reduction coefficient (NRC). 
Statistics, commonly known as simple linear regression (SLR) and multiple linear regression (MLR) 
was calculated for this research. 

2.4 EApu Measurement Setup 
The EApu method configuration has followed in our previous papers (7,11,12): a pu-sensor 

(Microflown; PR-900782) was placed 1 cm above the material’s surface and is plugged into a 2ch-FFT 
instrument (B&K; 3160-A-042). All measurements were conducted in the reverberation room having a 
volume of 168m3 at Oita University. The incoherent filtered white noises of 100–3,150 Hz emitted 
from four loudspeakers (Fostex; FE-103E) mounted in a wooden box and a sub-woofer (JVC; SX-
DW77). All loudspeakers and a subwoofer were distributed on the floor close to the walls of the 
reverberation room.  
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In a measurement following the EApu method, the 2ch -FFT instrument calculates a material’s 
ensemble averaged surface normal impedance ZEA as the transfer function between particle velocity 
v and sound pressure p. Then, the corresponding sound absorption coefficient αEA was calculated by 
using the following equation: 

      (1) 
 

Where, ρc is air density, and speed of sound, respectively. 
 

 
 

Figure 1 – the sound absorption coefficient method measurement setup. 

3. RESULTS AND DISCUSSION  

3.1 The Microstructure Analysis and Physical Properties 
 Figure 2 showed the surface of the clay bricks that charcoal size contents increased with the 

same magnification; the position on these optical microscopy images was the spot of pu - sensor 
measurement.  The fired samples presented the different porous sizes on the surface after being fired 
at 1100 degree Celsius. The specimens with large charcoal size also showed great visible pores about 
1.5-0.8 mm, and when the size decreased, the pores were being smaller to 0 .7-0.3 mm and 0.3-0.08 
mm respectively.  Fineness size and none charcoal added could not appreciate the porous because 
sintering behavior made the clay particle closer . 
 

   
 L30 1100  M30 1100  S30 1100 

 

       
                                        F30 1100                           None 1100 

 
Figure 2 – microstructure analysis of clay brick 
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The data shown in Table 2 demonstrated the physical properties of clay, both none added and added 
charcoal 30% in the different sizes. The bulk density of specimens was decreased after increasing the 
amounts of charcoal from 0%wt to 30%wt, and it was decreased as charcoal size rose . The results 
show that bulk density in the ranges of 0.87–1.84 g/cm3. The bulk density is not only related to 
apparent porosity but also related to the water absorption because of  the porous inside of bricks. 

 
Table 2 – Physical properties of clay brick both none added and added charcoal 30 % 

Charcoal Size Bulk density Apparent porosity Water absorption Pore size 
None 

F 
S 
M 
L 

1.84 g/cm3 
1.44 g/cm3 
1.08 g/cm3 
1.09 g/cm3 
0.89 g/cm3 

10.24 % 
27.99 % 
35.99 % 
38.37 % 
42.13 % 

 6.37 % 
23.46 % 
26.27 % 
35.33 % 
35.40 % 

- 
- 

0.3-0.08 mm 
0.7-0.3 mm 
1.5-0.8 mm 

 
3.2 Effect of Quantitation and Particle Size of Charcoal on Sound Absorption 
Coefficient 

The sound absorption coefficient was measured by the EApu method at three positions, and each 
measurement was repeated twice .  Hereafter, mean values and standard deviations of the six times 
measurement were focused on the comparison .  The mean values of the sound absorption coefficient 
compared among different sizes, and the amount showed in Figure 3 ( a) .  The horizontal axis is a 
frequency, and the vertical axis is a sound absorption coefficient — the large size and high percentage 
of charcoal added and fired at 1100 degree Celsius demonstrate a good result, with approximate 0 . 30 
while the second most numerous is the medium size the same as amount and temperature, approximate 
0.15. As a result, the sound absorption coefficient corresponds to the sign of both size and amount. As 
we know well, the sound absorbability can be characterized by the available sound absorption 
coefficient. The main influencing factors are physical properties (apparent porosity, water absorption, 
and bulk density)  ( 13) .  When sound waves impinge on porous material, they propagate into the 
interstices in which a part of the sound energy that was dissipated by frictional and viscous losses 
within the porous. 

 

 
 

Figure 3 – (a) the mean values of sound absorption coefficient, and (b) the standard deviation  
 

The standard deviation values of the clay bricks in the reverberation room are depicted in figure 3 
(b). In this study, the standard deviations of specimens are tiny, from 0 .01 to 0.03. i.e., all the uncertainty 
values stay less than 0. 04 ( 14) .  It means that the specimens were not distinct in measuring the 
absorption materials by using the EApu method . 
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A comparison of the relationship between the sound absorption coefficient presented in term of 
noise reduction coefficient and the physical properties data collected from the samples with measured 
the bulk density and apparent porosity demonstrated in figure 4 .  A correlation of data between noise 
reduction coefficients and bulk density is evident, however when it compared with water absorption 
and apparent porosity, it is more spacious .  

 

 
 

Figure 4 – the noise reduction coefficient versus physical properties. 
 
Not surprisingly, the simple linear regression cannot be explained the complex relation because 

the physical properties have been more affected together and probably linked in a more sophisticated 
way to the microstructure . Table 3, the multiple linear regression was used to compare the relationship 
between the noise reduction coefficient and physical properties, bulk density, apparent porosity, and 
water absorption. The result showed a good correlation and R Square, 0.92 and 0.85, respectively. 

 
Table 3 – multiple linear regression of noise reduction coefficient and physical properties 

Regression Statistics 

Correlation 
R Square 
Adjusted R Square 
Standard Error 

0.921027 
0.848291 
0.783273 
0.039886 

 

3.3  Comparison EApu and Tube Methods 
In figure 5, the data showed sound absorption coefficients of the clay brick added charcoal 30 %wt, 

and they were fried at 1100 degree Celsius.  The test pieces were circle sheets, diameter 100 mm, and 
thickness 5 mm. Different measurement methods tested them . In EApu method, the maximum accuracy 
was 3150 Hz, and the tube method was 1600 Hz.  The behavior of sound absorption coefficients at 
1600 Hz showed that the maximum of the tube method was double comparing with EApu method .  

The difference in values between the EApu and those of the tube methods are also attributed to the 
fact that the first method utilizes the reverberant field where plane sound waves come from all 
directions, and the tube techniques utilize a sound source at normal incidence . However, both methods 
show similar tendencies . 

It is worth mentioning that erroneous estimates of the absorption coefficients are acquired with the 
measurement method .  For some sample types like clay brick, the sample size is limited .  In figure 5 
(a,b) as a result, the estimated average absorption and standard deviation having fair agreements based 
on the maximum dispersion being below 0 .04. At this stage, it can be concluded that the reproducibility 
of the proposed method is satisfactory, and the method gives appropriate absorption coefficients 
despite the geometrical differences of the reverberation rooms . 
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Figure 5 – (a) the average sound absorption coefficients of clay brick with different method,  

and (b) the standard deviation of measurement . 

4. CONCLUSIONS 
The objectives of this study which we tried to apply the ensemble -averaging technique using with 

clay bricks and concentrated on the amount and size of additive in clay bricks that affected on sound 
absorption coefficient. It can be concluded that 

1. The ensemble-averaging technique can be used for measurement sound absorption 
coefficient in this clay bricks, and the standard deviation presents the satisfactory values. 

2. There is a direct effect of the amount and size of additive on the sound absorption because 
the physical properties changed. The large size and high percentage of charcoal added to 
demonstrate the excellent result. 

3. The methods of measurement affect data. According to this research, we found that the 
tube method was higher sound absorption coefficient than EApu methods . However, there 
are a similar tendency and low standard deviation of both data . 

Future work 
1.  Produce the clay brick with different sizes and measured by comparing with three methods, 

tube, reverberation room, and EApu methods . 
2.  Clarify the influence of the sample size, physical properties, and microstructure with effect 

on sound absorption coefficient by using EApu method.  
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Abstract
Two omnidirectional microphones and an acoustic tube are usually used to measure the surface normal impedance
and absorption coefficient of materials. This measurement technique is specified in ISO10354-2, JIS1405-2,
and so on. In this paper, we tried to obtain the surface normal impedance of material using two cardioid micro-
phones in the tube. As a result, it was clarified that the ratio of sound pressure and velocity effect on the value
of impedance measurement. Therefore when the ratio is equalized, the values of impedance and absorption
coefficient can be obtained as with the values using two omnidirectional microphones.
Keywords: Cardioid microphone, Absorption coefficient, Surface normal impedance

1 INTRODUCTION
The measurement method of normal incident impedance in a tube is specified ISO10354-2[1], and this method
has some limitations caused by examined in a laboratory. Recently, our needs are increasing yearly for obtaining
absorption coefficients of mounted materials in in-situ. Accordingly, several methods for measuring in a free
field[2, 3] or a random incident noise field[4, 5] have been proposed, and these methods were reviewed[6].
On the other hand, we are focusing on the sensor for acoustic impedance measurement. The most major
technique is known as using two omnidirectional microphones (called P-P sensor) and the transfer function of
obtained from the receiving signals. However, the distance of these microphones affects measurement precision.
A specific acoustic impedance at the measurement position can be directly obtained by a P-U sensor which has
an omnidirectional microphone and a sound velocity sensor[7]. Humidity significantly affects, however, on the
value of sound velocity measured by the P-U sensor[?]. Therefore the P-U sensor is too delicate and hard to
treat in in situ conditions because the calibration procedure must be done before the measurement daily.
Hence, we have been trying to use two cardioid microphones for in-situ impedance measurement[9, 10, 11], this
technique, what is called C-C method[12, 13], is based to pick out sound pressure and velocity. In this study,
we propose how to measure an acoustic impedance and absorption coefficient using the cardioid microphones
and acoustic impedance tube, and report the measurement results with the proposed method.

2 ESTIMATION METHOD OF THE SURFACE IMPEDANCE OF THE MATERIAL BY
SOUND PRESSURE AND VELOCITY IN A TUBE

Jacobsen et al. have proposed the estimation technique of the surface impedance, which is calculated from the
values of sound pressure and velocity using the P-U sensor[14].
Let us consider a acoutic tube like shown in Figure 1. When the sound source which has complex amplitude A
is exposed from a loudspeaker located x = 0, sound pressure p(x) and x direction velocity ux(x) are described
as follows:
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x

0 x L

l

Sound Source
Specimen

Figure 1. An acoustic impedance tube for pressure and sound velocity measurement at x.

p(x) = A
(

e− jkx + r e jk(x−2L)
)
, (1)

ux(x) =
A
ρc

(
e− jkx− r e jk(x−2L)

)
, (2)

where r is the reflection coefficient, ρc is a specific impedance of the air at the position x. Thus, the specific
impedance Z(x) at x is given by

Z(x) =
p(x)
ux(x)

= ρc
1+ r e2 jk(x−L)

1− r e2 jk(x−L)
. (3)

Therefore, when l is defined as l = L− x, the reflection coefficient r is expressed as

r =
Z(x)−ρc
Z(x)+ρc

e2 jkl . (4)

Finally, The surface impedance Z(L) and absorption coefficint α can be obtained as follows:

Z(L) = ρc
1+ r
1− r

, (5)

α = 1−|r|2. (6)

These equations indicate that the surface impedance can be obtained from both values of specific impedance
Z(x) and the distance from the sensor to the material. This method was verified by Jacobsen et al. using P-U
regular sensor (Microflown Co. Ltd.) which was calibrated in an anechoic room[14].

3 ESTIMATION METHOD OF THE SURFACE IMPEDANCE OF THE MATERIAL US-
ING CARDIOIDMICROPHONE(S)

In this section, we propose how to measure acoustic impedance and absorption coefficient of material using one
or two cardioid microphone(s) and acoustic impedance tube.

3.1 Measuring twice with a cardioid microphone
The measurement condition is shown in Figure 2. The signal M+(t) is received at x with a cardioid microphone
which heads the directivity heads for the specimen, and the signal M−(t) is done with it which heads the
directivity for the loudspeaker. The receiving signals consist of both sound pressure and sound velocity, so that
receiving signals M+ and M− are described with complex constant α,β :

M+(x) = α p(x)−β ρcux(x), (7)
M−(x) = α p(x)+β ρcux(x). (8)
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Thus, the specific impedance at x equals

Z(x) =
p(x)
ux(x)

=
M++M−

M−−M+
· β

α
·ρc. (9)

Hence, we can get the surface impedance and absorption coefficient from Eqs. (4), (5), (6), and (9).

x

0 x L

l

Sound Source
Specimen

M+M –

Figure 2. Acoustic impedance measurement schematic diagram using one cardioid microphone and recording
twice at x.

4 EFFECT OF THE BARANCE OF BOTH SOUND PRESSURE AND VELOCITY ON
THE SPECIFIC IMPEDANCE

The previous section, we can obtain a sound pressure and velocity from one or two cardioid micrphone, and can
also obtain the specific impedance at measureing position. However, the real microphone has several detecitive
barance of the sound pressure and velocity. In this section, when we use one cardioid microhne, the effect of
the ratio β/α in Equaiton (9) is examined numerically.

4.1 Effect of the barance of both sound pressure and velocity included in a cardioid microhone
The even barance of both pressure and velocity mixing siganl can be obtaine dby an ideal cardioid microphone.
The ideal microphone has the ratio β/α = 1/2+0 j. Where j is imaginary unit. When we use the ideal cardioid
microphone, the measured specific impedance Zt(x) is given by

Zt(x) =
M+(x)+M−(x)
M−(x)−M+(x)

ρc. (10)

Therefore, when we define the specific impedance Zm(x) measured by a real cardioid microhone, the relation of
Zm(x) and Zt(x) is expressed as:

Zm(x) =
β

α
Zt(x). (11)

Equation (16) express that the ratio of both sound pressure and vecity included in a cardioid micphone gives
the error to the specific impedance.
When, We express ε = β/α , rt and rm are respectively given by

rt =
Zt(x)−ρc
Zt(x)+ρc

e2 jkl , (12)

rm =
εZt(x)−ρc
εZt(x)+ρc

e2 jkl . (13)
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4.2 Numerical examination for revealing the effect of the retio of sound pressure and velocity
The numerical examination of specific impedance measurement using Delany-Bazlay model[15]. The simulated
porus material has 32 kg/m3, 80,000 Ns/m4 flow registance and 50 mm thick. In this exmamination, the error
factors (1) the ratio of amplitute between pressure and velocity, (2) the difference of phase (degree.) is given
to receiving signals. Additionally, (3) the distance l from the specimen to receiving postion aloso assumes to
become the error factor, l is changed stepwisely.
The examnination ressults of phace difference are shown in Figure 3. A little bit of error in Z(x) can be seen
in the left figure, however the errors become bigger in surface impdedance Z(L) and absorption coefficient α .
When the periodical peaks shown in Z(x) are made to flat to calculate Z(L). In this procedeure, the error
could make bigger. So that, These errors has periodical flactuation not to depend on the phase difference. The
exmamination results of amplitude difference are shown in Figure 4. These errors also become bigger in surface
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Figure 3. Effect of phase difference of sound pressure p and velocity u inherent in a cardioid macrophone on
specific impedance at x, surface impedane and absorption coefficient (l = 36 cm).
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Figure 4. Effect of amplitude difference of pressure p and sound velocity u inherent in a cardioid microphone
on specific impedance at x, surface impedane and absorption coefficient (l = 36 cm).
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Figure 5. Effect of distance between measurement position and material on specific impedance at x, surface
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cardioid microphone is 2 degrees.
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impdedance Z(L) and absorption coefficient α . The exmamination results also has periodical flactuation and this
peroid is same as the previous examination of phase difference. The examination results of the difference of
distance from receiving position to the specimen are shown in Figure ??. The longer distance, the period
of flactuation becomes longer. Hence, the flacuation depends on the distance, which is only 1 cm from the
specimen, the distance affects on the measument result. This error occur not only using cardioid microphone,
but also using P-U sensor, because the difference between pressure and velocity causes this error. This problem
has been also indicated by Jacobsen[14].

5 ESTIMATION METHOD OF THE COMPLEX RATIO OF PRESSURE TO VELOC-
ITY INHERENT IN A CARDIOID MICROPHONE

In previous section, the numerical experiments clarified that the ratio of pressure and velocity inherent in a
cardioid microhone affects on the specific impedance measurement in a tube. Therefore, The ratio called ε have
to be measued before a impedance measurement. In this section, the mesurement technique of ε of a cardioid
microhone using an impedance tube will be discussed.
When a rigid boundary is installed at x = L, the Eqs. (1) and (2) become

p(x) = A
(

e− jkx + e jk(x−2L)
)
, (14)

ux(x) =
A
ρc

(
e− jkx− e jk(x−2L)

)
, (15)

so that, the ideal specific impedance Zt(x) also becomes

Zt(x) =
p(x)
ux(x)

=− j ρc
cos(kl)
sin(kl)

. (16)

On the other hand, when the measured specific impedance Zm(x) using one cardioid microphone in a tube,
theese impedances Zt(x) and Zm(x) are corresponded ideally, hence, the ε is given from Eqs. (9) and (16),

ε =
β

α
=− j

(M−−M+)

(M++M−)
cos(kl)
sin(kl)

. (17)

Equaiton (22) tells us that we can measure ε of a cardioid microphne using a impedance tube, however, this
equaiton consist of the ratio cos to sin, so that the upper limit frequency is decided by l < λ/4.

6 EXAMINATION FOR VERIFICATION
The possivility of mesurement about the surface impedance using both a cardioid microphone recorded twice
and an impedance tube is verified.

6.1 conditions for surface impedance measurement
A impedance tube made from 15 mm thick MDF wooden boards is ready for measurement. The section di-
agram is drawn in Figure 6. A grasswool that has 50 mm thick, 32 kg/m3 density is ready for specimen.
The measurement technique which uses one cardioid microphone and receiving signals twice is adopted. Two
different manifucture’s cardioid microhpnes are ready for the measurement. One is ISOMAX II-C (Countryman
Co. Ltd.), the other is one 4188 (DPA). Two ISOMAX II-C and one 4188 are ready for comparison. The same
pinknoise is exposed twice from the loudspeaker for one minute respectively. The directivity of cardioid micro-
hone heads for the specimen and head for the loudspeaker in each recording with 48 kHz sampling rate. The
distance l from receiving position to the specimen is 24 cm and 36 cm for the possibility of measurement at
any position. The measuremnt using two omnidirecitional microphone is also examined for obtaining reference
data with transfer function method.

1377



x   [mm]

0 450 570 810

Sound Source Specimen

M+M –

360

240

Figure 6. Section diagram of an acoustic impedance tube and measurement positions for verifying tests.

6.2 Measuring the ratio of puressure to velocity inherent in cardioid microhone
Before impedance measurement, the ratios β/α = ε of pressure to velocity inherent in the three cardiod micro-
phones are measured using the same impedance tube and rigid surface end. In these measurements, the distance
l of microphone to rigid wall is ajusted 1.5 cm and 24 cm respectively. The same pinknoise are exposed from
the loudspeaker for 1 minitute and we recorded twice when the directivity of the microphone heads to the loud-
speaker and to the rigid wall at each position. The ε is calculated step by 16384 data (8192 data overlapping)
and averaged with Eq. (17). We chose the ε measured with l = 24 cm under 240 Hz, and that measure with
l = 1.5 more than 240 Hz. The phase values of ε for 240 to 800 Hz are not enable to be obtained suitable
value, these values are generated through liner interpolation.

6.3 Analysis procedure
After recording for impedance mesurement, we conducted following calclulations. Due to check the effect of ε ,
the specific impedance Z(x) at x is calculated two patterns. One is no correcting with ε , Z(x)is calculated as
Z(x) = ρc(M++M−)/(M−−M+). The other is corrected with ε , Z(x) is calculated as Z(x) = (ρc/ε) · (M++
M−)/(M−−M+). The Z(x) is calculated step by 16384 data (8192 data overlapping) and averaged in the both
calculations procedure. Reflection coefficent r and absorpotion coefficient α are calculated with Eqs. (8) and
(9).

6.4 Results
The result of l = 24 cm shows in Figure 7 and that of l = 36 cm shows in Figure 8. The upper graph shows
surface impedance and the lower graph shows absorption coeffient in each figure. Focusing on (a) original
of absorption coefficient in Figure 7 and 8, we can see the periodical flactuation in measured any cardioid
microphone. The period of flactuation is decided by the distance l and the phase of fractuation differ from
microphone type. These flactuations occur from the ratio of pressure to velocity inherent in cardioid microphone
own. The errors result in microphone type, and do that the indivitual difference is very small.
Hence, let us focus on the results of absorption coefficient (b) corrected by ε . The all of values measured by
cardioid microphone correspond to measured by P-P method (transfer function method) at all frequencies. These
results clearly show that the amplitude and phase both of corrected cardioid microphone can use for impedance
measurement. It was founded that the ε is unique value in each microphone because the ε can use in any
distance l.

7 CONCLUSION
We trid to measure surface impedance of a material using one or two cardioid microhone and a impedance tube.
As a result, we found that the cardioid microphone has the error of balance between pressure and velocity, and
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(a) original (b) corrected
Figure 7. Measurement results of surface impedance and absorption coefficient in an impedance tube
(l = 24 cm). The results (a) directedly calculated from receiving signals. The results (b) derived
from corrected data by ε

(a) original (b) corrected
Figure 8. Measurement results of surface impedance and absorption coefficient in an impedance
tube (l = 36 cm). The results (a) directedly calculated from receiving signals. The results (b) are
calculated from corrected data by ε

1379



if the error is corrected we can measure the impedance with the cardioid microphone in the tube. In this
trial we chose the technique using one cardioid microphone and recoding twice. Next, we will try to use two
cardioid microhone and recording simaltaneously.
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ABSTRACT 

Generally sound particle velocity can be measured by using a particle velocity sensor directly or by two 
sound pressure type microphones. Impedances and absorption coefficients of materials can be measured by 
these sensors. We have proposed a new technique for measuring sound particle velocity and sound pressure 
using face-to-face cardioid microphones, which is called the C-C method. A cardioid microphone responds to 
both sound pressure and particle velocity. Directivity of the cardioid microphone is formed by a combination 
of both sound pressure and particle velocity. In our new technique, the sound pressure and particle velocity 
can be obtained simply by summation and subtraction of responses of the face-to-face cardioid microphones. 
However, errors of measured sound pressure and sound particle velocity occur due to differences of 
directivities of the cardioid microphones. Therefor we have developed a calibration method of the cardioid 
microphones. By this calibration, accurate sound pressure and particle velocity can be measured even by 
using any kinds of cardioid microphones.  
 
Keywords: Sound particle velocity, Sound intensity, Impedance, Cardioid microphone, C-C method 

1. INTRODUCTION 
The authors have proposed the C-C method which can measure sound pressure and sound particle 

velocity using face-to-face cardioid microphones [1, 2]. Sound intensity, sound energy density, 
acoustic impedance and so on can be measured by using the C-C method [3, 4]. This paper describes 
a new algorithm of the C-C method. Previous C-C method was premised on cardioid microphones 
have ideal cardioid directivity patterns. However, the directivities are not always ideal cardioid 
patterns in reality. We cannot measure accurately using such directivities. 

Therefore we developed the new algorithm of C-C method which can accurately measure the 
sound pressure and the sound particle velocity even in conditions where the microphone doesn’t 
have an ideal cardioid pattern. This paper describes the new algorithm of the C-C method and a 
method for calibrating a cardioid microphone used for the C-C method. 

2. PREVIOUS ALGORITHM OF THE C-C METHOD 

2.1 Formulation in far sound field 

First version of the C-C method was premised on both far sound field and the ideal cardioid 
directivity patterns represented by Eq. (1). 

   0.5 0.5cosC     (1) 

We assumed a condition where a plane wave comes from angle   relative to the x-axis as shown in 
Figure 1. In such far sound field, sound particle velocity ( )u t ,  a x-component of the particle velocity 

( )xu t ,  and a x-component of sound intensity can be represented by Eqs. (2) to (4) respectively. 

ctptu /)()(   (2) 

  ctptux cos)()( 
 (3) 
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(4) 

When this sound field is measured by face-to-face cardioid microphones, Mic.1 and Mic.2, 
responses by the two microphones are represented as 

)cos5.05.0)(()(1  tptM  (5) 

)cos5.05.0)(()(2  tptM . (6) 

From Eqs. 5 and 6, sound pressure can be obtained by a sum of the two responses as Eq. (7). 
)()()( 21 tptMtM   (7) 

And a difference of the two responses detects a bi-directional component as Eq. (8). 
cos)()()( 21 tptMtM  , (8) 

The x-component of particle velocity can be obtained as following Eq. (9). 

 (9) 

Therefore the x-component of the sound intensity can be calculated as 

   ctMtMtMtM

tutptI xx

)()()()(

)()()(

2121 



. 

(10) 

Furthermore, the sound intensity can also obtained by the following equation. 

 
(11) 

 

 
Figure 1 – C-C method in far sound field 

 

2.2 Formulation in near sound field 

For the formulation for near sound fields, a response of the cardioid microphone is redefined 
using a sound pressure ( )p t  and a x-component of the particle velocity ( )xu t .  

     0.5 0.5 xM t p t u t c   (12) 

where   and c represent a density of medium and a speed of sound. 

The second term has a same dimension as the first term by multiplying the c  and represents 

sound pressure gradient proportional to the sound particle velocity. As shown in Figure 2, the sound 
pressure and the particle velocity at a distance r from a sound source can be represented as the 
following equations respectively. 

)](exp[)/(),( krtirArtp    
(13) 

   , [ , ](1 )u t r p t r c i kr   
(14) 

where A, i,   and k represent a complex amplitude, an imaginary unit, an angular frequency and a 

wavelength constant respectively.  
The x-component of particle velocity can be obtained as the following equation. 

  ckrirtprtux cos)/1)(,(),(   
(15) 

Therefore the x-component of the sound intensity can be calculated as Eq. (16). 

  ckrirtprtI x cos)/1)(,(),( 2   
(16) 

  ctMtMtux )()()( 21 

  ctMtMtIx )()()( 2
2

2
1 
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When this sound field is measured by face-to-face cardioid microphones, responses by the two 
microphones are represented as 

 cos)/1(5.05.0),(),(1 krirtprtM   
(17) 

 cos)/1(5.05.0),(),(2 krirtprtM   
(18) 

Sound pressure can be obtained by a sum of the two responses as the following equation. 
),(),(),( 21 rtprtMrtM   

(19) 
And a difference of the two responses detects a bi-directional component as  

cos)/1)(,(),(),( 21 krirtprtMrtM  . (20) 
The x-component of particle velocity can be obtained as following Eq. (21). 

  crtMrtMrtux ),(),(),( 21   (21) 

Therefore the x-component of the sound intensity can be calculated as 

  
  crtMrtM

crtMrtMrtMrtM

rturtprtI xx





),(),(

),(),(),(),(

),(),(),(

2
2

2
1
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. 

(22) 

In the C-C method, as described above, sound pressure and particle velocity can be obtained simply 
by a sum and a difference of responses of the face-to-face cardioid microphones. And sound intensity 
can be obtained by multiplying both results of sum and difference. 

 

 
Figure 2 – C-C method in near sound field 

 

3. IMPROVED ALGORITHM OF THE C-C METHOD 

3.1 Improved algorithm 

First and second terms of Eq. (12) represent omnidirectional and bidirectional components 
respectively. The cardioid directivity pattern is come up by combining both components in ratios of 
just 0.5 and 0.5 in the far sound field. However, an actual cardioid microphone has always different 
directivity from ideal cardioid pattern depending on frequency and individual differences of the 
microphone. When using such directivities, we cannot measure accurately based on the algorithms 
mentioned in Chapter 2. 

Therefore we propose a new algorithm of the C-C method which can accurately measure the 
sound pressure and the sound particle velocity even with microphones which don’t have an ideal 
cardioid pattern. In the new algorithm, a response of the cardioid microphone  M t  is redefined as 

Eq. (23). Both omnidirectional and bidirectional components are combined in ratios of   and   in 

the Eq. (23).  

      xM t p t u t c     (23) 

The   means a sensitivity coefficient of the microphone for sound pressure component, and the 
  means a sensitivity coefficient for sound particle velocity component. If both   and   are the 

same, the directivity becomes a cardioid pattern. However, because the   and   of an actual 

cardioid microphone are not the same, we need to know both   and   to obtain measurement results 

 


x

),( rtp
r

ckrirtprtu )/1)(,(),( 

  ckrirtprtux cos)/1)(,(),( 

Sound source

Mic.1Mic.2
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accurately. If both   and   are the known, it is not necessary that the directivity is a cardioid pattern. 

When calibrating the cardioid microphone, it is not enough to calibrate only maximum sensitivity of 
the microphone. Calibrations of both   and   of the microphone are needed. 

Eq. (23) can be used for both near and far sound field. When sound fields shown in Figures 1 or 2 
are measured by face-to-face cardioid microphones, responses by the two microphones are represented 
as 

      1 1 1 xM t p t u t c     (24) 

      2 2 2 xM t p t u t c    . (25) 

where 1  and 1  for Mic.1, 2  and 2  for Mic.2. 

Summation and subtraction of  1M t  and  2M t  are written as 

            1 2 1 2 1 2 xM t M t p t u t c          (26) 

            1 2 1 2 1 2 xM t M t p t u t c         . (27) 

According to Eqs (26) and (27),  p t  and  xu t  cannot be obtained simply by summation and 

subtraction when 1 2   or 1 2  . The term of particle velocity is eliminated from the simultaneous 

equations of Eqs. (26) and (27). 

     1 2 1 2

1 2 1 2

M t M t
p t

 
   

 
   

 
 (28) 

The sound pressure can be determined as follows. 

     1 2 1 2

1 2 1 2

M t M t
p t

 
   

   
     

  
 (29) 

Similarly, when the term of sound pressure  p t  is eliminated, the following equation is obtained. 

      1 2 1 2

1 2 1 2
x

M t M t
u t c

  
   

 
    

 
 (30) 

From Eq. (30), the particle velocity  xu t  can be obtained as follows. 

     1 2 1 2

1 2 1 2
x

M t M t
u t c

  
   

   
      

  
 (31) 

As described above, in the new algorithm, the directivity of the microphone does not have to be 
exactly cardioid. If   and   of two cardioid microphones are known, sound pressure and particle 

velocity can be obtained even if there are individual differences among microphones. The next section 
describes how to measure   and  . 

3.2 Calibration algorithm of the C-C method 

First, it is needed to prepare a sound field with known sound pressure and particle velocity, such as 
a plane wave sound field in a free sound field or a one-dimensional sound field in an acoustic tube. 
Here, as shown in Figure 3, a calibration method using a sound field in which a single plane wave 
(calibration signal) comes from the + direction of the x-axis will be described. Let  0p t  and  0u t  

be the sound pressure and particle velocity of the calibration signal at the microphone position, 

respectively. Since it is a single plane wave,    0 0p t u t c . Let  M t  and  M t  be the 

responses measured with the sensitivity maximum direction of the cardioid microphone directed to the 
sound source and its opposite direction. The next section describes how to measure The   and   

can be obtained by Eqs. (32) and (33). 
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When the sound field is a single plane sound field, the sound pressure can be used for the 
denominator. 
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 (34) 

The   and   are determined separately for the face-to-face cardioid microphones, Mic.1 and 

Mic.2 used for the measurement, and are defined as 1  and 1  for Mic.1, 2  and 2  for Mic.2.  In 

Eq. (23), if the microphone response  M t  is the microphone output voltage [mV], the   and   

can be interpreted as the microphone sensitivity [mV / Pa] for the sound pressure and particle velocity 
components, respectively. Therefore, if the   and   of the microphone used for measurement are 

obtained in advance for each measurement frequency (approximately, for each measurement band), the 
absolute value of the sound pressure and the particle velocity can be measured by the C-C method. 

 

 

Figure 3 – Method for measuring  and  

 

3.3 The C-C method in frequency domain 

Here, the C-C method in frequency domain with more accurate calibration in consideration of the 
phase will be described. The  0P  ,  0U  ,  MP   and  Mm   are defined as Fourier 

transforms of  0p t ,  0u t ,     M t M t   and     M t M t   in Figure 3. The   and   

in the frequency domain are complex functions including phase information with ω as a parameter, and 
can be obtained as in the following equations. 

     0M 2 PP   
 

(35) 

     0M 2 Um c       (36) 

If the sound field for calibration is a single plane wave field, it can be calculated as follows. 

     0M 2Pm     (37) 

Using     and    , sound pressure and particle velocity are obtained as in Eqs. (38) and 

(39). 
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where  1M  ,  2M  ,  P   and  U x   are Fourier transforms of  1M t ,  2M t ,  p t  and 

 xu t  respectively. 

By inverse Fourier transform of  P   and  U x  , sound pressure  p t  and particle velocity 

 xu t  can be obtained as temporal responses. 

4. CONCLUSIONS 
We proposed a new algorithm of the C-C method that can measure sound pressure and particle 

velocity accurately even if the microphone does not have cardioid directivity. In the future, we plan to 
verify the validity of the algorithm by experiments. 
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ABSTRACT 
Acoustic properties of porous materials are usually measured at room temperature but in many industries, 
they are required to provide sound absorption in high temperature applications such as in a Heat Recovery 
Steam Generator (HRSG), automobile silencers and engine liners. In this paper, the airflow resistance has 
been measured for Alkaline Earth Silicate (AES) fibrous materials that are intended for high temperature 
applications. Measurements were made at room temperature to ISO 9053-1 and in a bespoke test rig at 
temperatures up to 800℃ inside a kiln. Above 600℃ the thickness of the AES material decreased; hence the 
measurements reported the specific airflow resistance rather than airflow resistivity. The high temperature 
tests indicated that it might be possible to assume no significant effect of temperature on specific airflow 
resistance between 20 and 100 ℃ but not at higher temperatures. The specific airflow resistance depends on 
the mass of the sample up to 800℃. Up to 600℃, the dependence is similar but as the AES material begins 
to crystallize between 600 and 800℃ it changes significantly. Regression analysis was also used to establish 
that up to 600℃ the specific airflow resistance is proportional to the absolute temperature to the power of 
1.6. 
 
Keywords: airflow resistance, porous materials, high temperature 

1. INTRODUCTION 
 In the building industry, porous materials are often used to provide sound absorption at room 

temperature. However, other industries have high temperature applications which require sound 
absorption such as gas turbine exhaust silencers in a Heat Recovery Steam Generator (HRSG), aero 
engine liners, combustion chambers, automotive silencers. In an HRSG, Alkaline Earth Silicate (AES) 
porous material is used to reduce sound levels inside the silencers and near to the exhaust area which 
operate at temperatures between 800 and 1300℃ (1). Measurement of the properties of acoustic 
materials at room temperature is well-established; however there is not usually any information 
available on how the properties change with increasing temperature. Hence to provide data and 
facilitate product development on absorbent materials for high temperature applications, the aim was 
to develop experimental procedures to measure the acoustic properties of AES material at high 
temperatures. As sound propagation in porous materials is dependent on their resistance to airflow, 
measurements of this resistance can be used to predict both sound absorption and sound attenuation.   

The ratio of the differential pressure,  (Pa) across a layer of porous material and the volumetric 
airflow rate, , (m3/s) passing through the layer gives the airflow resistance, R, (Pa.s/m3) as  

 

 

(1) 

The specific airflow resistance, Rs, (Pa.s/m) applies to a specific thickness of material and is given 
by  
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(2) 

where S, (m2) is the area of the porous material. 
For homogeneous materials of a specified thickness it is common to refer to the airflow resistivity, 

r, (Pa.s/m2) given by 

 

 

(3) 

where d,(m) is the thickness of the material. 
For fibrous porous materials, the resistance to airflow depends on the fibre diameter, fibre 

shape/type, fibre density, number of fibres per unit volume and fibre orientation (note that the airflow 
resistivity in the lateral direction can be significantly lower than in the longitudinal direction (2)).      

This work aimed to carry out measurements up to 800℃ for HRSG applications, using 
measurements on three different densities of AES fibrous materials, 64, 96 and 128 kg/m3 with a 
nominal thickness of 50 mm. The differential pressure across porous materials at high temperatures is 
lower than at room temperature; hence it is expected that instead of a single sample, two samples 
might need to be stacked on top of each other (i.e. to form a double sample) to give a measurable 
differential pressure.  

The only previous published airflow measurements at similarly high temperatures appears to have 
been by Christie (3) who measured one density of rock wool (80 kg/m3) at 500℃. In Christie’s 
research (3), the flow velocity through the sample was in the range 1×10-2 to 4×10-2 m/s. For this 
material, Christie showed that (a) the airflow resistivity was proportional to the 0.6th power of the 
absolute temperature in Kelvin and (b) above 400℃, the airflow resistivity increases at a lower rate, 
and (c) airflow resistivity at a particular temperature did not depend on flow velocity within the range 
of velocities used. Since, AES material is used at temperatures above 500℃, this research investigated 
the measurements of airflow resistance at room temperature (20℃) according to ISO 9053-1 (4) and 
in a bespoke test rig inside a kiln at temperatures from room temperature  up to 800℃.  

In this paper, section 2 describes the experimental apparatus design for both room and high 
temperatures. The results for room temperature and high temperature are discussed in section 3. 
Section 4 gives conclusions on the main findings at room and high temperatures. 

2. EXPERIMENTAL APPARATUS  
The experimental apparatus for both room and high temperature consists of a specific test rig, 

differential pressure, flow meter and a pressure regulator. A Furness Control FCS 523 instrument is 
used to measure differential pressure and airflow rate; this consists of two main parts, a laminar flow 
meter and differential pressure meter. The laminar flow element has the ability to measure volumetric 
gas flow rates from 0 to 2 l/min and measures volumetric gas flow rate based on the Poiseuille equation. 
According to the manufacturer, the device generates a very low differential pressure, while offering 
little restriction to the flow, typically a pressure drop of 100 Pa at full flow rate at 2l/min; however 
the maximum temperature that the measuring instrument can withstand is 34℃ such that this needed 
consideration in the experimental design. The differential pressure device can measure to two decimal 
places with an accuracy of <0.25%. However, since the airflow meter can only withstand pressure 

 300 Pa, it is necessary to reduce the supply air pressure which is supplied at 1200 kPa and to 
dehumidify the supply air before it enters the meter. This was achieved with a pressure regulator and 
air filter. 

For the high temperature test rig it was necessary to correct the differential pressure that was being 
measured at room temperature using temperature measurements inside the test rig and at the 
differential pressure meter. 

 (4) 

where  indicates at the high temperature inside the test rig and  indicates room temperature, 
T is temperature in Kelvin.  

Airflow resistance measurements according to ISO 9053-1 (4) and ASTM C522 (5) require a 
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minimum flow velocity of 0.5×10-3 m/s (corresponding to a sound pressure level of 80 dB re 2×10-5 Pa 
in a plane wave) and with the valve it is possible to control the flow to ± 0.01×10-3m/s. As the cross 
section of the sample holders are all 100 mm diameter, this gives the range of volumetric flow rates 
as between 0.231 and 0.240 l/min.  

2.1 Room temperature test rig 
The room temperature test rig was designed to satisfy the requirements of ISO 9053-1 (4) and 

ASTM C522 (5) using the direct airflow method with controlled unidirectional airflow through the 
test specimen. In order to visually check the position of the test sample, a transparent material 
(Perspex) was used to fabricate the cylindrical specimen holder (internal diameter of 100 mm and a 
height of 200 mm). The differential pressure is measured between the volume of air underneath the 
sample and atmospheric pressure.  

2.2 High temperature test Rig 
The test rig for high temperature airflow resistance measurements was designed to give nominally 

identical results at room temperature to the ISO test rig described in ISO 9053-1 (4) and ASTM 
C522 (5). The initial aim was to design a test rig to withstand temperatures up to 1000 ℃. A similar 
test rig design to Christie (3) was used as a starting point with the aim of extending its use above 
500 ℃. This test rig consists of a preheater with a packing material to ensure that the air enters the 
sample at the same temperature as the internal kiln temperature and to provide uniform airflow across 
the surface of the sample (3). After performing several experiments with different packing material, 
50 mm Superwool® Plus Blanket was selected as the preheater material. This material has a high 
melting point, is mechanically stable with very low shrinkage at high temperatures and is mechanically 
needled for added tensile strength and surface integrity.  In contrast to the room temperature test rig 
where the differential pressure was measured with reference to the atmospheric pressure outside the 
test rig, the high temperature test rig needs pressure taps to determine the differential pressure across 
the sample within the sample holder inside the kiln.  

The high temperature test rig is shown in Figure 1 and consists of a cylindrical specimen holder 
and cylindrical preheating chamber. There is one air inlet, one air outlet, two outlets for the differential 
pressure measurement and one tapping point for the temperature probe. The specimen holde r has two 
perforated meshes to hold the sample in place and a preheating chamber consist ing of an air inlet and 
a differential pressure meter probe inlet. The specimen holder has a height of 150 mm which allowed 
vertical orientation of the test rig within the kiln. As the high temperature test rig needed to work up 
to 1000℃, it was necessary to check whether the length of the preheating chamber might need to be 
significantly longer than that used by Christie (3) to ensure that the air reached the same temperature 
as the air in the kiln. The process was modelled using Matlab Simulink software to identify a suitable 
length for the preheating chamber to achieve the required temperature output. By considering the heat 
transfer occurs from the kiln to preheating chamber it was found that the required length for the 
preheater was 250 mm.  

 

 
Figure 1 - High temperature test rig assembly. 

By considering the material strength and corrosion resistance, Grade 310 aus tenitic stainless steel 
was initially selected to fabricate the test rig. However, due to lack of availability of hollow tubes of 
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Grade 310 austenitic stainless steel and difficulty in machining it, Grade 316 was used instead. As 
Grade 316 is not designed to withstand such high temperatures, the maximum temperature feasible 
for measurements was expected to decrease to approximately 900℃. In order to assess the thermal 
stability and the thermal stress at 900℃, Finite Element Analysis (FEA) was carried out for the high 
temperature test rig design using Autodesk Mechanical Simulation software. Thermal stress is 
simulated by coupling transient heat transfer and structural analysis. However, the results  showed that 
Grade 316 austenitic stainless steel design would fail at temperatures near 900℃; hence the upper 
temperature for all measurements with the high temperature test rig was reduced to 800℃.  

The next step was to avoid heat damaging the measurement instruments which cannot withstand 
the air temperatures generated inside the kiln and to avoid heat conduction via the pipes melting the 
connections to the measuring instruments. Fortunately, pre-tests showed that the air temperature at 
the measuring instrument was below 34℃. Hence, there was no need to use a heat exchanger.   

3. RESULTS 

3.1 Room temperature airflow resistance results 
3.1.1 Comparison of the ISO and high temperature test rigs 

 At room temperature (20℃), a comparison is made to check that the high temperature test rig 
gave nominally identical results to the ISO 9053-1 test rig. The reason to use different density 
materials is that the test sample holders are different and therefore ‘soft’ (low density) and ‘stiff’ (high 
density) samples might be fitted differently in the two test rigs. This is partly due to the ISO rig being 
transparent which allows the experimenter to see the fitted sample (which is not possible with the high 
temperature rig) and partly due to the different length of the sample holder tubes.  

The average results for ten single and double samples at room temperature are shown in Table 1 
indicating the increase in airflow resistivity with increasing density. The coefficient of variation (CoV) 
is highest for the low density material and could be due to distortion of these soft samples when 
positioned in the test holder or due to larger variation in the physical properties between samples. For 
single samples, ANOVA tests indicate significant differences (p≤0.05) for the 64 and 96 kg/m3 
materials and non-significant differences (p>0.05) for the 128 kg/m3 material. The significant 
differences could be due to different fixing and/or compression of the ‘softer’ samples in the test rigs. 
The ISO test rig is transparent which allows a clear check on the sample position and therefore the 
fitting for air tightness is expected to be better with this test rig than with the opaque high temperature 
test rig. 

The CoV values for all double samples are lower than the corresponding single samples, 
particularly for the low density material due to the mixing of two different samples of this more 
variable material. The lower CoV is beneficial as it allows for a more reliable comparison of the ISO 
and high temperature test rigs. In theory, the airflow resistivity for single and double samples should 
be the same if the fitting and compression of the samples inside the sample holder is identical. 
However, double samples were found to be more compressed than single samples. Therefore, 
statistical comparisons were carried out using the average airflow resistivity from single and double 
samples (same batch of material) and the results indicate that there is a statistically significant 
difference (p≤0.05) between single and double samples. This is attributed to the different fitting of 
the samples in test rigs. 
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Table 1 – Airflow resistivity measurements at room temperature in the ISO and high temperature test rigs. 
 

Single 

or 

double 

samples 

Bulk 

density 

(kg/m3) 

ISO test rig High temperature test rig 

Average 

thickness  

(mm) 

Average 

airflow 

resistivity 

(Pa.s/m2) 

Standard 

deviation 

(Pa.s/m2) 

CoV 

(-) 

Average 

thickness 

(mm) 

Average 

airflow 

resistivity 

(Pa.s/m2) 

Standard 

deviation 

(Pa.s/m2) 

CoV 

(-) 

Single 64 44.2 10,373 983 0.094 47.4 7,940 1158 0.146 

Single 96 49.6 36,479 706 0.019 38.5 37,448 624 0.017 

Single 128 46.2 102,016 6710 0.066 47.8 107,102 2349 0.022 

Double 64 95.5 10,106 331 0.033    88.3 9,961 581 0.059 

Double 96 80.8 37,312 605 0.016 78.1 37,766 394 0.010 

Double 128 90.4 103,145 4879 0.047 90.7 105,284 1948 0.019 
 
 

3.1.2 Regression analysis 
 A linear relationships between airflow resistivity and bulk density is established by considering 

the logarithm of both parameters as carried out by Nichols (7). Regression curves were determined 
from the two test rigs using the three material densities and single and double samples as shown in 
the Figure 2. One-way ANOVA for the two regression models show that there is a statistically non-
significant difference (p>0.05) between the intercepts and gradients for the two different types of rigs. 
For the combined dataset for single and double samples it is concluded that the measured airflow 
resistivity does not differ between the two test rigs.  

 

 
Figure 2 - Relationship between airflow resistivity of single and double samples and bulk density at room 

temperature: Regression plots for the ISO test rig (blue) and the high temperature test rig (red). 

3.2 High temperature measurements 
All the high temperature measurements used double samples to ensure a measurable differential 

pressure. During initial experiments it was observed that the measured thickness of the material was 
different before and after exposure to high temperatures. According to (6), AES is almost amorphous 
at room temperature but undergoes crystallization and shrinkage near 900℃ although the properties 
start to change between 750 and 800℃. When there is an unknown reduction in thickness at high 
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temperature it is not possible to calculate the airflow resistivity as this requires knowledge of the 
thickness. Therefore it is more appropriate to calculate the specific airflow resistance to assess 
changes over a wide range of temperatures. In addition this reduction in thickness means that it is no 
longer possible to attribute a bulk density to the material above 600℃ such that regression analysis 
needs to use sample mass rather than density.  

 
3.2.1 Regression analysis to relate specific airflow resistance to sample mass for different 
density materials 

Empirical relationships are sought using the mass of each double sample at different temperatures. 
The regression lines are plotted along with the individual data points in Figure  3 confirming that the 
specific airflow resistance depends on the mass of the sample. Up to 600℃, the gradient of the 
regression lines is similar but it changes significantly at 700℃ and 800℃ as crystallization occurs. 

 
 

 
Figure 3 - Relationship between specific airflow resistance and mass of the double samples at temperatures 

between 20 and 800℃. 

 3.2.2 Power law relationship between airflow resistance and temperature 
From the Poiseuille law, airflow resistance is proportional to air viscosity and Sutherland (8) has 

shown that the viscosity for ideal gases is proportional to Tn where the exponent n ranged from 0.7 
for hydrogen to 1.0 for other gases. Hence, when relationships are sought between the airflow 
resistance and temperature it is reasonable to assume that airflow resistance will be proport ional to Tn 
because airflow resistance is proportional to air viscosity.  

From experimental work, Christie (3) stated that air viscosity varied with T0.7 and whilst Christie 
did not prove this it can be shown to be a reasonable estimate by using regression analysis of data 
calculated with Sutherland’s equation (8). For rock wool at temperatures up to 400℃, Christie’s 
measurements indicated that airflow resistance was proportional to T0.6. However, Miglietta et al (10) 
concluded that it varied with T1.2 based on measurements between 0 and 30℃ on a range of materials 
(including generic materials such as polyethylene, rubber, glass wool, rock wool, cotton waste, and 
polyester).In order to identify the power law relationship between specific airflow resistance and 
temperature for AES material, regression analysis was carried out from 20 to 600℃ (higher 
temperatures were not considered because the material changed significantly above 600℃). Power 
law regression for each material density gave a close fit to the measured data (coefficient of 
determination R2>0.99). However, the average exponent n was 1.6 which is larger than those published 
in the literature mentioned above; hence it would be worthwhile testing different materials in future 
projects to see whether similarly high values occur with other materials. 

4. CONCLUSIONS 
A “high temperature” test rig has been designed for measurements of airflow resistance at 

temperatures up to 800℃ by modifying a design used by Christie (3). This has allowed measurements 
on Alkaline Earth Silicate (AES) fibrous materials of three different densities. A room temperature 
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comparison was made of the high temperature test rig and an “ISO” test rig built according to ISO 
9053-1:2018. These measurements were carried out using single samples and double samples (i.e. two 
samples on top of each other) because it was expected that double samples would eventually be needed 
to achieve measurable differential pressure drops at high temperatures. The statistical tests were more 
reliable for the combination of single and double samples and confirmed that there was no significant 
difference between the two test rigs. 

High temperature experiments were conducted up to 800℃ using double samples to ensure a measureable 
differential pressure. However, after exposure to temperatures above 600℃ the thickness of the AES material 
decreased due to crystallization and due to the opaque test rig this decrease in thickness could not be 
quantified at individual temperatures; hence all measurements reported the specific airflow resistance rather 
than airflow resistivity. The high temperature tests on AES materials indicated that it might be possible to 
assume no significant effect of temperature on specific airflow resistance between 20 and 100 ℃ but not at 
higher temperatures. The specific airflow resistance depends on the mass of the sample up to 800℃. Up to 
600℃, the dependence is similar but as the AES material crystallizes at 700℃ and 800℃ it changes 
significantly. 

Regression analysis was also used to establish that the specific airflow resistance is proportional 
T1.6 for this AES material.  

In this paper the measurements were all carried out using an airflow velocity of 0.5  10-3 m/s. 
However, additional measurements (not reported in this paper) show that at room temperature there 
is little change in the specific airflow resistance when measured with flow velocities between 0.5  
10-3 and 4  10-3 m/s but there can be significant differences at 800℃. Hence for high temperature 
applications the airflow velocity will need to be chosen to correspond to the sound pressure level for 
the specific industrial application.  
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ABSTRACT 
The amount of ecological implications caused by the whole building process is gaining more and more 
attention. One measure to reduce ecological implications may be the use of building material made from 
renewables. To investigate this possibility, a joint research project is under way in Germany, which is focused 
on insulating material made from renewables. Besides fire protection, heat insulation, moisture proofing, 
emissions and sustainability assessment, also sound insulation is investigated. PTB contributes to this project 
by experimentally characterising insulating materials made from renewables. For this, existing measurement 
methods have been reviewed and adapted to the special needs of the project. The contribution is focused on 
the measurement of airflow resistivity by the alternating flow method and measurements in a transmission 
tube. Special attention is given to the influence of the material orientation and to the uncertainty of the 
measurement results. 
 
Keywords: absorbing material, renewable resources 

1. INTRODUCTION 
A joint research project is under way in Germany to increase the applicability of insulating material 

made from renewable resources in buildings. The project is funded via FNR (Fachagentur 
Nachwachsende Rohstoffe e.V.), the central coordinating institution for research, development and 
demonstration projects in the field of renewable resources.  The project is a cooperation of 12 research 
institutions and a number of manufacturers of insulating materials and manufacturer associations. The 
acoustic part of the project is coordinated by Rosenheim Technical University of Applied Sciences. In 
the context of this project, PTB is responsible for the material characterisation which is done by 
improving existing measurement methods or developing new measurement methods. 

The acoustic part of the project is focused on two major applications for acoustic insulating 
material in buildings. The first is the use as an underlay under floating floors. For this, the dynamic 
stiffness is the main quantity to be considered. Its measurement is standardised in ISO 9052-1 (1), and 
a contribution on the project work in this field can be found in (2).  

The second major application considered is the filling of hollow building elements to increase the 
sound insulation. In Germany, a material can be applied for this purpose if its airflow resistivity is in 
a certain range. Therefore, the measurement of airflow resistivity is a major issue in the mentioned 
project which is discussed in clause 2 of this contribution. 

Nevertheless, it is questionable whether the global values for dynamic stiffness and airflow 
resistivity enable a sufficient characterisation of acoustic insulating material. Therefore, several 
insulating materials were used for measurements of sound insulation and impact noise in test facilities 
at Rosenheim Technical University of Applied Sciences. In parallel, the acoustic performance of the 
tested objects is calculated by detailed modelling. A contribution on this aspect is (3). The input 
parameters for the modelling are also provided by PTB. The corresponding measurements are 
performed in transmission tubes and this work is described in clause 3 of this contribution. 
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2. MEASUREMENT OF AIRFLOW RESISTIVITY 

2.1 Experimental setup 
There are two different standardised methods for the measurement of airflow resistivity. The first 

is the static flow method (3) and the second the alternating flow method (4). Whereas the standard for 
the first method has been updated recently, the standardisation process is still ongoing for the 
alternating flow method. 

Due to the long experience with the alternating flow method, PTB designed a new measurement 
device for its application (figure 1 and ref. (5)). It consists of an air cavity with a volume of about 
1.5 l with a quadratic cross section which is compressed and decompressed by a piston of 20 mm 
diameter. The piston is excited by an electric gear motor driven by an external power supply. Thereby, 
piston frequencies between 0.5 Hz and 6.3 Hz can be reached. The piston stroke length can be chosen 
as 1.4 mm; 2.3 mm; 3.6 mm; 5.8 mm, 9.0 mm and 14.5 mm. The air cavity is terminated either by an 
airtight acrylic plate or by a measurement cell in which the test specimen is mounted. Different cells 
have been manufactured. The one shown in the left picture of figure 1 consists of acrylic glass with 
the inner dimension of 0.2 m X 0.2 m X 0.2 m. The dimension is chosen that the same specimen as 
for the measurement of dynamic stiffness according to (6) can be  used. Furthermore this test cell 
enables measurements at different flow directions by rotating the test specimen in the cell.  

The measurement cell shown in the right picture of figure 1 consists of a cylinder made of acrylic 
glass. It has a diameter of about 70 mm and is mounted in a solid acrylic block also shown on the 
picture. The lower end of the cylinder can be covered by a supporting mesh so that an unbound filling 
can be used as a specimen.  

Initially, the sound pressure inside the cavity was measured by a 1'' microphone (shown in figure 
1). In the meantime, this microphone has been replaced by a special low-frequency 1/2'' microphone. 
The sound pressure level is measured by a one-third octave band analyser. The measurement signal is 
simultaneously analysed by an FFT to determine the frequency very accurately.  

The standard uncertainty of the measurement of the airflow resistance was estimated to be 7 % (ref. 
(5)). For the airflow resistivity, a standard uncertainty of 9 % was yielded. These values do not cover 
the influence of specimen mounting and material inhomogeneities. 

 

     
Figure 1 – Left hand: Measurement device with a cubic measurement cell made of acrylic glass, 

Right hand: measurement cell made of solid acrylic glass with a cylindrical specimen holder for the 
measurement of unbound fillings  

 
 

2.2 Measurement results 
An example for directly measured sound pressure levels is shown in the left graph of Figure 2. For 

these measurements, the measurement cell is terminated either by the airtight acrylic plate or by the 
specimen holder shown on the right side of figure 1. Different heights of straw fillings have been 
realised. It was ensured that the density of the filling was identical for all measurements.  

The airflow resistance was then calculated from the sound pressure levels. The airflow resistance 
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of the supporting mesh is very small (right graph of figure 2). Doubling the height of the straw filling 
doubles the airflow resistance, as expected. At very low frequencies, the results show a larger scatter. 
This is probably caused by instabilities in the rotational speed of the piston during the measurement 
interval of 160 s. Otherwise, the measured airflow resistivity does not depend on frequency. This 
indicates that the airflow resistivity does not depend on the flow velocity since piston frequency also 
changes flow velocity. The nominal airflow velocity of 0.5 mm/s as required by (4) corresponds to a 
frequency of about 2 Hz for the used piston stroke length of 9 mm.  

When the airflow resistivity is finally calculated, all results fall in a reasonably narrow range 
(figure 3, left graph). Even the results at the low frequencies are not discrepant in view of an estimated 
expanded uncertainty of 18 %. 

 

 
Figure 2 –Left hand: Sound pressure level in the cavity for the measurement of the airtight 

termination, straw fillings of different heights and the supporting mesh only, right hand: airflow 
resistance of straw fillings of different heights  

 

    
Figure 3 – Airflow resistivity of straw fillings of different heights and expanded uncertainty 

  

    
Figure 4 – Left hand: Airflow resistivity of 9 different specimens from the same material, right 

hand: airflow resistivity of a cubic specimen made from a pile of specimens A1 – C1 measured in 
three different directions 

 
Another interesting question is how much scatter is observed for different specimens made from 

the same material. A typical example is shown in the left graph of Figure 4 where altogether 9 different 
specimens were manufactured from different plates of a material with a thickness of 30 mm. In this 
case, the relative standard deviation of the measured airflow resistivity is about 10 %. When one cubic 
test specimen is assembled from the 7 specimens A1 – C1, the measured airflow resistivity is about 
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the mean value from these 7 specimens (right graph in figure 4 – out of plane). By rotating this cubic 
shaped test specimen into the other directions, the airflow resistivities for both in plane directions was 
also measured. It is in this case about half the resistivity of the usual direction.   

3. MATERIAL CHARACTERISATION IN TRANSMISSION TUBES 

3.1 Experimental setup 
The measurements are performed in transmission tubes according to ASTM E 2611-09 (8). To 

cover the frequency range between 50 Hz and 7.5 kHz, two tubes were constructed (Figure 5). Both 
tubes are modular systems consisting of three parts. The medium part can hold the test specimen. 
Different terminations (reflecting, absorbing) can be fitted into the end of the tube.  

The small tube has a length of 43 cm and covers the frequency range between 400 Hz and 7 .5 kHz. 
Measurements are performed by 1/4'' microphones. The large tube has a length of 132 cm and is 
applicable in the frequency range between 50 Hz and 1.5 kHz. Here, measurements are performed 
with 1/2'' microphones. 

Several test measurements have been performed with these two tubes (9). Among other tests, the 
complex impedance and wave number of an air cavity of known depth was measured and compared 
to the known theoretical values.  

 

     
Figure 5 – Left hand: small transmission tube with cubical-shaped test specimen with an edge 

length of 20 mm, right hand: large transmission tube with cubical-shaped test specimen with an edge 
length of 100 mm 

 

3.2 Measurements with different specimen orientation 
From the beginning, it was planned to perform measurements with different specimen orientation. 

This seemed to be necessary due to the structure of the tested specimens. Very often, specimens consist 
of fibers which are somehow processed into plates or mats. Therefore, different material properties 
are expected in different directions.  

This was tested by measuring a visually homogeneous foam block and turning it into three different 
directions. The transmission loss (Figure 6) turned out to be identical for all three orientations. This 
was also the case for the other quantities like wave number or impedance which can be derived from 
the measurements. For a polyester fleece, the results show a clear influence of the orientation (Figure 
7) which is due to the fiber orientation.   
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Figure 6 – Transmission loss of a cubicle-shaped foam block with an edge length of 100 mm 
(upper curves) and an edge length of 20 mm (lower curves) measured with three different 

orientations  

 
Figure 7 – Transmission loss of a cubicle-shaped block of fibrous material with an edge length of 

100 mm (upper curves) and an edge length of 20 mm (lower curves) measured with three different 
orientations   

 
 

3.3 Measurements with unbound fillings 
Insulating material based on renewable resources is often applied as an unbound filling. The 

measurement of such material in the transmission tube was enabled by supporting the test material 
with a fine gauze. The influence of the gauze was checked by measuring its properties without any 
additional insulating material. Then, insulating material was added and the measurement was repeated.  
It turned out that the gauze did not contribute significantly to the results of the overall assembly. Then, 
straw fillings (similar to Figure 1, right graph) with thicknesses of 20 mm were measured in both 
tubes whereas a filling of 100 mm thickness was measured only in the large tube.  

From the measured transfer functions, the complex impedance was calculated (Figure 8). The real 
part turned out to be nearly identical for the fillings with the different thicknesses. In the frequency 
range between 400 Hz and 1.5 kHz, results from both tubes are available. There, the real part of the 
impedance shows an excellent agreement between all three results. The imaginary part of the 
impedance is much smaller than the real part. It is probably influenced by the remaining damping of 
the empty tubes.  

The results for the wave number show a similar result (Figure 9). The real part and the imaginary 
part are in excellent agreement. The exception is the imaginary part measured in the small tube below 
1.5 kHz. These results are deteriorated by the empty tube damping which is significantly larger in the 
small tube than in the large one. So, for the overlapping frequency range, results from the large tube 
are preferably used.  
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Figure 8 – Impedance of straw fillings of different thickness, dotted lines: measurements in the 

small tubes, dashed and solid lines: measurement in the large tube  
 

 
Figure 9 – Wave number of straw fillings of different thickness, dotted lines: measurements in 

the small tube, dashed and solid lines: measurement in the large tube  
 
 

3.4 Suppression of the first structural mode of the specimen 
For specimens in plates, the first structural mode may deteriorate the measurement results. This is 

observed in figure 6, where the transmission loss is reduced in a certain frequency range. For a plate  
material with a thickness of about 15 mm, the transmission loss was measured with different numbers 
formed to a stack. The result clearly shows the influence of the first structural mode which in this case 
increases with frequency with a growing number of specimens (Figure 10). When a single plate is 
mounted very loosely the effect is still observed but it becomes smaller. Nevertheless, loose fitting 
also decreases the transmission loss at all other frequencies probably due to the fact that the loose 
mounting does not sufficiently suppress a movement of the test specimen. This means, that a loose 
mounting is not appropriate for the measurement. Measurements with other orientations were also 
performed with the 7 plate stack. For this particular material, the modal effect is not observed for the 
other two orientations. This is different to the results in figure 6 where the modal resonance is 
observed for all orientations. 
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Figure 10 – Transmission loss of a fibrous plate material with a thickness of about 15 mm, 

different numbers of plates formed to a stack, the largest stack (made of 7 plates) measured in three 
orientations, one plate measured with normal fitting and with lose fitting  

 
 
This observation lead to the idea to design a special specimen holder (Figure 11). It is made of a 

plastic material and subdivides the cross sectional area of the large tube into a 4 X 4 matrix. Small 
material samples are manufactured and fitted into the specimen holder (Figure 11). The orientation 
can easily be switched when cubicle-shaped test specimens are chosen. 

Measurement results for the transmission loss of the material used for Figure 10 are shown in 
Figure 12. The transmission loss obtained with the specimen holder is very close to the result of the 
full size specimen. Only in the region of the structural mode, the sudden drop of the transmission loss 
is not observed. Figure 12 also contains the transmission loss of the specimen holder without a  
specimen. It is close to 0 dB which means that the influence of the specimen holder can be neglected.  

 

   
 

Figure 11 – specimen holder with and without a fitted specimen 
 
 
 

 
Figure 12 – Measured transmission loss for the 4 X 4 specimen holder only, for the specimen 

fitted into the specimen holder and for the full size specimen  
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4. CONCLUSIONS 
The measurement of acoustic material properties is an important issue to ensure an adequate 

application of insulating material in buildings. Within a research project, new devices for the 
measurement of airflow resistivity and transmission quantities were developed, installed and tested. 
To ensure an applicability to test specimens made from renewable resources, special attention was 
paid to the measurement of unbound fillings and to measurements with different specimen orientation. 
The measurement devices are now used to produce the input data required for the detailed modelling 
of sound transmission. 
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ABSTRACT 
Within the scope of a research project regarding the physical properties of insulation materials made from 
renewables, one of PTB’s tasks is to determine the dynamic stiffness of such materials used as elastic layers. 
The common measurement procedure is described in DIN EN 29052-1. As a closer examination of this 
standard bears some open questions, several investigations have been conducted recently. This presentation 
focuses on two aspects: The first one is the influence of the static preload. This might be relevant for 
insulation materials used for thermal insulation composite systems, where, compared to floating floors, the 
static preload is significantly smaller. As the standardized measurement procedure is not suited for small 
static preloads, an alternative measurement set-up was designed to investigate this topic. The second aspect 
is the effect of airflow resistance on the resulting dynamic stiffness. The measurement setup as devised in the 
standard does not necessarily reflect the boundary conditions the material is exposed to when it is mounted 
in situ. The standard describes a procedure to handle the influence of airflow resistance, but this is partially 
incomplete and not applicable for some materials. Some theoretical considerations and measurement results 
regarding this topic will also be presented. 
 
Keywords: Dynamic stiffness, insulation materials, airflow resistance, sound insulation 

1. INTRODUCTION 
Insulation materials are often used as elastic layers in floating floors or thermal insulation 

composite systems. One of the relevant parameters to predict the structure-borne or airborne sound 
insulation of such constructions is the dynamic stiffness of the elastic layer. For materials used in 
floating floor constructions, the measurement procedure to determine the dynamic stiffness is 
described in the international standard ISO 9052-1 (1) and the corresponding German standard DIN 
EN 29052-1 (2). It is one of PTB’s tasks within the framework of a research project regarding the 
properties of insulation materials made from renewables to measure the dynamic stiffness of a wide 
range of samples. The standardised measurement set-up was realised, and some preliminary tests were 
performed. During these tests, the standard procedure soon revealed to bear some open questions, 
which were already partially investigated in the past (3,4). Chapter 2 presents a brief description of 
the standardised procedure and some of its shortcomings. A pivotal aspect is the influence of the static 
preload on the dynamic stiffness. This is especially important if the insulation material is used in a 
thermal insulation composite system and not in a floating floor, as in this case it is exposed to 
significantly smaller static loads. As the standardised set-up is not suited to handle small static loads, 
an alternative measurement set-up was designed and tested. The alternative set-up and the obtained 
results are discussed in chapter 3.  

If an insulation material is employed in a floating floor construction to create an elastic layer, it is 
contained in an approximately airtight enclosure. This is not reflected by the standardised 
measurement set-up, where the edges of the sample are uncovered, allowing the surrounding air to 
travel freely in and out. Thus, depending on the physical characteristics of the sample, the stiffness of 
the enclosed air may not be considered correctly. The standard contains some directions on how to 
approach this problem, but these are in some ways inconsistent. A detailed discussion of this problem 
and a suggestion for a possible workaround are given in chapter 4. Finally, chapter 5 presents some 
investigations regarding the influence of the excitation force. 
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2. STANDARDISED MEASUREMENT PROCEDURE 
For the standard procedure, a sample with the size of 200x200 mm² is prepared from the insulation 

material. The sample is placed on the floor or on a heavy base plate, and a steel plate with a thickness 
of 25 mm is put on top of the sample as mechanical load. Together with a layer of gypsum, which acts 
as a levelling course, the overall surface mass load adds up to 200 kg/m², which is a good 
representation for a typical concrete screed. Figure 1 shows a sketch of the arrangement. 

 

 
Figure 1 – Sketch of standard arrangement 

As the base plate is considered stationary, the whole arrangement forms a spring-mass system, with 
the sample acting as a spring with a stiffness s, while the steel plate and the gypsum layer act as a 
mass m. By determining the resonance frequency , the dynamic stiffness s of the sample, which is 
usually expressed per unit area, can be calculated using  

 
 (1). 

 
The index “t” is used to indicate that the influence of the enclosed air is perhaps not considered 

properly, and that a correction term must be added. This will be comprehensively discussed in 
chapter 4.  

The resonance frequency is measured by excitation of the system with a periodical force F. This 
must be applied in a way that the system oscillates only in vertical direction, which is usually best 
achieved by applying the excitation force at the middle of the steel plate. Stationary excitation 
(sinusoidal or noise) using a shaker or impulse excitation with a hammer are possible. When using 
sinusoidal excitation, the resonance frequency is determined by varying the excitation frequency while 
keeping the excitation force unchanged. A special procedure must be followed if the stiffness of the 
material is dependent on the excitation force. Chapter 5 takes a look at this topic. 

3. ALTERNATIVE SET-UP FOR SMALL STATIC LOADS 

3.1 Measurement Set-up 
As already mentioned, an insulation material is exposed to a much smaller static load when used 

in a thermal insulation composite system. The measurement standard states that in this case, a 
variation of not more than 20 % for the dynamic stiffness, with respect to a load of 200 kg/m³, can be 
expected, which is regarded as negligible for practical applications. During the ongoing research 
project, it was nevertheless desired to verify this effect by measurements. As an excitation of a thin 
and lightweight load is likely to be difficult when using point excitation, an alternative me asurement 
set-up was designed. Here, a base plate with a mass  of 13 kg is mounted on a robust vibration 
exciter (shaker), which is capable to bear high mass loads. On this base plate, the sample and the mass 
load are mounted as in the standard set-up, but with an aluminium composite panel with a total mass 

 (including the still required gypsum layer) of 0.3 kg, instead of the steel plate. The whole system 
is now excited by the shaker using a swept sine signal, and the measurement delivers the acceleration 
spectra   and  . Eventually, the complex transfer function   is calculated. 
Figure 2 shows a schematic diagram and the realisation of the alternative measurement set-up.  

F 
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Steel plate 

Base plate 
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As wobbling and tilting movements of both the base plate and the preload cannot be completely 

excluded, it is generally desirable to measure the acceleration at the centre spot of the plates. As this 
is not possible for the base plate, the measurement is performed on all four corners of the plate, and 
subsequently a complex average of the obtained acceleration spectra is calculated. This approach was 
validated by measuring the acceleration response of the base plate at the centre and on the corners 
(without a test sample). The result is shown in Figure 3. Up to a frequency of 300 Hz, the averaged 
measurements at the corners produces the same results as the measurement at the centre. The 
deviations at higher frequencies are caused by the fact that the base plate does not act as a rigid body 
anymore. 

 

 

Figure 3 – Acceleration responses on the corners measured individually (left graph) and averaged (right 

graph) vs. response at centre of the base plate  
 
 
While the procedure according to the measurement standard assumes a simple spring-mass system, 

we now have a slightly more complex mass-spring-mass system, which is the reason why it is not 
sufficient to measure the acceleration on the load plate ( ) only, but also on the base plate and to 
determine the stiffness from the transfer function  / . As Figure 4 illustrates, the transfer 
function shows a different resonance frequency, which is the correct value for this set-up. 
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Figure 2 – Schematic diagram (left) and realisation (right) of the alternative test set-up 
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Figure 4 – Acceleration response of the base plate ( ) and the load plate ( ), and corresponding 

transfer function  /  

3.2 Evaluation Procedure 
The dynamic stiffness may be determined the same way as in the standard procedure by detecting 

the resonance frequency from the transfer function. With this setup, however, it is also possible now 
to calculate the stiffness for every frequency , at least in the frequency range where the measurement 
set-up works properly. The simplest approach is a mass-spring-mass system with a lossless spring: 

 

 (2) 

 
At the resonance frequency , the fraction on the right-hand side approaches 1, and Eq. (2) equals 

Eq. (1), which is used in the standard procedure. A more realistic approach is to model the test sample 
as a spring with losses. The resulting equation is 

  

 (3) 

 
Both approaches assume lumped elements (mere masses and springs). As the mass of the test 

sample is not negligible anymore when using small static loads, a modelling of the test sample as an 
expansion bar, with or without losses, can also be considered. The resulting equations can probably 
only be solved with a numerical approach, which was also used but will not be described in detail.  

3.3 Measurement Results 
At the time of writing, only one test sample (80 mm EPS foam) was tested. This is, however, a 

very common material used for thermal insulation composite systems. Apart from the low preload of 
0.3 kg, an added mass of 2.5 kg and the steel plate as used in the standard procedure were also tested. 
For all measurements, the excitation force was varied in a range of 30 dB. A selection of the results 
for a mass load of 0.3 kg and 8 kg is shown in Figure 5 and Figure 6. 
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Figure 5 – Left: Measurement with  = 0.3 kg mass load. Right: An excerpt  

of the left-hand graph without the lossless solutions  

 

 
Figure 6 – Left: Measurement with  = 8 kg mass load. Right: An excerpt  

of the left-hand graph without the lossless solutions 
 
In most cases, the lossless solutions do not deliver reasonable results. However, if losses are 

considered, the “spring” and the “expansion bar” approach both do not only show very similar results 
over a wide frequency range, but also a good match with the dynamic stiffness obtained by using the 
resonance frequency according to Eq. (1). Especially with the small mass load, one could expect an 
even better match when the expansion bar model is used. On the other hand, the difference between 
the spring and expansion bar solution is quite small, and the determination of the resonance frequency 
also has a considerable uncertainty. 

The major topic to be investigated with the alternative set-up is the relation between dynamic 
stiffness and mass load. Table 1 shows the results for the sample under test. The displayed stiffnesses 
were calculated using the resonance frequency. The measurements were performed keeping the current 
fed into the shaker on a constant level. 

 
Table 1 – Relation between dynamic stiffness and mass load, EPS 80 mm 

 

   

m
2
 in kg 0,3 2,8 8,0 

f
r 
in Hz 212,0 95,7 80,1 

 in MN/m³ 14,8 25,6 50,7 
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For this test, the dynamic stiffness decreases by a factor of about 3 in relation to the standard 

procedure when a small mass load is employed. This is initially in contradiction to the statement in 
the measurement standard, where a deviation in the maximum range of 20 % is proposed. Here, of 
course, more research is needed to verify the observed effect.  

 

4. INFLUENCE OF THE ENCLOSED AIR VOLUME 
The current version of ISO 9052-1 (1) describes how the stiffness due to the air enclosed in the 

porous elastic layer should be considered if the measurement is performed according to Figure 1. This 
is based on work by Kraak (5) which is briefly sketched in the following. 

Starting point are the equations of motion for the porous media  

      (4) 

with the fluid pressure p, fluid velocity v, mean density 0, static pressure p0, porosity , airflow 
resistivity , structural factor , ratio of specific heats , thickness of the porous layer d and the 
velocity of the cover plate vp. Using harmonic excitation with angular frequency  gives 

      (5) 

which leads to the wave equation 

      (6). 

Using polar coordinates, i.e. a circular cover plate, normalising the radial coordinate by  

      (7) 

and averaging the pressure over the cover plate finally gives  

      (8) 

with the cover plate radius R and the dynamic stiffness of an air layer sa'. The same calculation was 
also performed for a quadratic plate in (5). The ratio between the stiffness of an air layer sa' and the 
stiffness due to the airflow resistivity s ' is plotted as a function of the generalised coordinate  x 
where x is the radius for the circular cover plate and the half of the edge length for the quadratic cover 
plate (Figure 7, left graph). For  x < 1.5, the effect of air stiffness does not change the result of the 
stiffness measurement according to Figure 1. Therefore, the stiffness of the final assembly (complete 
floor) can be calculated by adding the air stiffness to the measured stiffness in this range. With the 
estimates x  0.1 m; p0  105 Pa;   1 and   200, the condition  x < 1.5 turns out to be 
equivalent to  <100 kPa s/m². This is the value mentioned in (1). For larger airflow resistivities, the 
measurement automatically includes the effect of the air stiffness and thus, no further correction is 
required. ISO 9052-1 (1) states that this is the case for  > 100 kPa s / m². Nevertheless, a national 
foreword in Germany (2) changes this to  > 1000 kPa s / m² without mentioning how to handle the 
range between 100 and 1000 kPa s / m². Kraak (5) himself mentions in his paper the criterion  x > 15, 
which would correspond to an airflow resistivity of 10000 kPa s / m² with the above-mentioned 
estimates. 

To perform test measurements on this effect, a special test assembly was used at PTB. It consists 
of an acrylic glass frame which is mounted around the standardised test set-up with an airgap of about 
1 mm (Figure 7). Measurements of the dynamic stiffness were performed for two different materials 
with a lateral airflow resistivity of about 40 kPa s / m² and 4 kPa s / m² once with the frame and once 
without the frame. The presence of the frame generally increases the measured stiffness. The increase 
was about 30 % for the first material and about 60 % for the second. This follows the general theory 
that the low resistivity material is more affected. Nevertheless, further detailed investigations are 
necessary. 
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Another problem is the measurement of the airflow resistivity, which in this case must be 
determined in lateral direction. Unfortunately, most existing measurement devices are only suited for 
measurements in orthogonal direction, which may deliver significantly different results . 

 

   
Figure 7 – Left: Calculated ratio of air stiffness and stiffness due to resistivity. Right: Test assembly with 

adjustable frame 

5. INFLUENCE OF THE EXCITATION FORCE 
The dynamic stiffness of most of the common insulation materials varies with the excitation force 

that acts on it. For sinusoidal excitation, the measurement standard requires the measurement to be 
performed in a range of 0,2 N ≤ F ≤ 0,8 N for  > 50 MN/m³ or 0,1 N ≤ F ≤ 0,4 N for  ≤ 50 MN/m³. 
No hint is given if the required forces relate to peak or rms values.  The measurement must be 
performed at three different excitation forces in the respective range, and the final value for the 
resonance frequency is then found by extrapolation to 0 N. This approach has several drawbacks. As 
shown in Figure 8, the sensitivity of the resonance frequency to variations of the excitation force may 
be quite pronounced when approaching 0 N. Furthermore, an excitation force of 0 N is obviously 
unrealistic for built-in situations. A previous publication of the authors (3) offers a pragmatic 
suggestion to perform the measurement with a peak force of 1 N. As the extrapolation to 0 N represents 
some sort of “safe side” approach, a question raises about the effect on the stiffness if 1 N is used. 
This was investigated for different insulation materials; the results are shown in Table 2.    

 

 
Figure 8 – Dependency of the resonance frequency to the excitation force 
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Table 2 – Comparison of extrapolation to 0 N vs. measurement at 1 N 

Material d in mm 
 in 

MN/m³ 

 in 

MN/m³ 

XPS 30 295 290 

Minera wool 1 40 3,4 2,7 

Mineral wool 2 40 34,8 29,1 

Mineral wool 3 40 5,7 4,5 

Coconut fibre 35 3,5 2,7 

 
As expected, the dynamic stiffness decreases up to 30 % with an excitation force of 1 N. As this 

force is still at the very low end of a force range that can be expected in built -in situations (3), this 
can still be considered as a conservative estimation. Regarding the given problems that come with the 
extrapolation to 0 N, a measurement with 1 N still appears to be a viable option.  

It is still unclear, however, how to determine the excitation force at the resonance frequency when 
using noise or even impulse excitation signals, even though this is permitted in the standard.  

6. CONCLUSIONS 
An alternative measurement set-up for low static loads was successfully designed and tested. The 

first results indicate that the dependency of the dynamic stiffness with respect to static load is probably 
larger than expected, but more measurements are necessary to verify this observation.  

The theoretical background regarding the effect of the enclosed air volume in relation to the airflow 
resistance was discussed. The current regulations in the measurement standard regarding this effect 
are in some points confusing and inconsistent. A possible solution would be the simulation of the in-
situ situation by covering the edges of the sample with an adjustable frame. Measurement results using 
this approach were presented. 

The handling of the interdependence between dynamic stiffness and excitation force according to 
the standard is also problematic. It has been shown that the use of a fixed excitation force of 1 N could 
be a realistic solution. 

The results of this contribution could be considered in the next revision of the measurement 
standard. 
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Insulation materials made of renewable raw materials for the sound insulation
prognosis of building components
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Abstract
In order to increase the application possibilities in the building sector for insulating materials made from renew-
able raw materials, a project was initiated by the Fachagentur Nachwachsende Rohstoffe e.V. which shows the
different requirements for these insulating materials and provides planning and verification options. In the field
of sound insulation, building component catalogues for these insulating materials are expanded, test methods
for the material properties of the insulating materials are defined and prediction models are further developed.
The airborne and impact sound transmissions of the components are predicted in order to investigate the influ-
ence of the different insulating materials from renewable raw materials in comparison to conventional insulating
materials. Component measurements indicate that a characterization of the cavity-insulation alone by the flow
resistance is insufficient. Using a semi-analytical calculation approach with an equivalent fluid, further insula-
tion material properties can be taken into account in the prognosis of two-shell structural elements. The input
data for the prognosis calculation are determined by measurements of the transmission properties and compared
with results of other calculation models based on the flow resistance. By validating the first prediction results
with measurements, it should be shown to what extent the conventional measured variables are sufficient.
Keywords: Double shell, Transmission, Prediction models, Renewable, Insulation

1 INTRODUCTION
A significant part of the insulation materials used in the construction industry comes from non-renewable raw
materials. With regard to adequate recycling and the use of energy during production, insulating materials made
from renewable raw materials have some environmental advantages. Within the research project, it will be
investigated to what extent the acoustic properties of these insulating materials influence the transmission of
airborne sound when used in building components compared to conventional insulating materials.

2 COMPONENT MEASUREMENTS
In a recent project [1] the airborne sound insulation of double walls with various cavity insulations made of
renewable raw materials was measured. In addition, the flow resistance (r) and the bulk density (ρ) of the
insulating materials were determined. Figure 1 shows the measurement results. The wood fibre and hemp fibre
are panel-shaped insulating materials. The cellulose was blown-in and the sea weed was placed manually as
loose insulating material.
The measurement results using wood fibre and cellulose show the same weighted sound reduction index despite
very different flow resistance. In contrast, hemp fibre and seaweed have the same flow resistance, but sea weed
has an airborne sound insulation that is 6 dB smaller. The low frequency transmission loss of the double stud
wall with the sea weed is very similar to the variant without insulation material in the cavity. It is assumed
that the stiffness of the fibre-skeleton at low frequencies was responsible for the drop in sound insulation.
The results in Fig. 1 show no correlation between the length-related flow resistance and the weighted sound
reduction index. This indicates that the acoustic quality of a fibre insulation material is inadequate described
purely on the basis of this parameter.
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Figure 1. Transmission loss of double stud walls with variation of cavity insulation with measured characteristics
(A: r = 9kPas/m2, ρ = 46kg/m3; B: r = 36kPas/m2, ρ = 58kg/m3; C: r = 3kPas/m2, ρ = 63kg/m3; D:
r = 3kPas/m2, ρ = 75kg/m3). The double wall consists of wooden studs with two layers 12.5 mm and 10 mm
of gypsum fibre boards on each side. The cavity depth is d ≈ 140mm. The measurements were realized at ift
Rosenheim [2].

3 PROGNOSIS FOR DOUBLE-SHELL STRUCTURES WITHOUT CONNECTION
A characteristic parameter in the calculation of sound insulation of double wall constructions is the mass-spring-
mass resonance ( f 0), which can be calculated according to (1). Thereby m′ is the mass per unit area of the two
shells and s′ is the dynamic stiffness of the cavity filled with insulating material in N/m3.

f 0 =
1

2π

√
s′
( 1

m′1
+

1
m′2

)
(1)

In a fully description of a porous absorber, the dynamic stiffness is represented by the parts of the skeleton and
the fluid in (2) [3].

s′ = s′s + s′a (2)

The stiffness of air in the pores depends on the dynamic compression modulus (K) and shell distance (d).

s′a =
Re{K}

d
with ps ≤ Re{K} ≤ γ ps (3)
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For isothermal compression, Re{K} is equal to the static pressure ps. This can be assumed for fibrous insu-
lating materials at low frequencies. At high frequencies the compression is adiabatic, increasing Re{K} by the
adiabatic coefficient (air: γ ≈ 1.402).

3.1 Semi-analytic model
The calculation of the sound insulation for a double wall with sufficient damped cavity can be approximated
with (4) and (5) from the transmisson loss of the individual shell [cf. 4, 5]. Both measured values and predicted
values of the transmisson loss for the individual panels can be used as input data. The first term in (4) corre-
sponds to Berger’s mass law for vertical incidence of sound waves. The sound insulation depends substantially
on the mass per unit area of the shells m′i and the impedance of the air Za. The 5 dB in the second term take
into account a correction for a practical, diffuse sound field.

R = 20 lg
(

ω (m′1 +m′2)
2Za

)
−5dB ( f < f 0) (4)

Above the mass-spring-mass resonance, the transmission loss can be calculated approximately according to (5)
in case the cavity is filled with a porous absorption material [4, 5].

R≈ R1 +R2 +20 lg
(

ω

s′
2Za

1

)
( f > f 0)

≈ R1 +R2 +∆R
(5)

The dynamic stiffness of the interlayer is s′ and can be calculated with the frequency-dependent distinction of
cases according to (6) [5], if the insulating material has flow resistance of r ≥ 5kPas/m2.

s′ ≈

{
ρa ca2

d ( f ≤ f d)

ω Za ( f > f d)
(6)

The change between the calculation methods of the dynamic stiffness of the cavity depends on the wavelength
ratio to the shell distance. In [cf. 4–6] the frequency f d is calculated according (7).1 After that the transmission
loss above f d increases by 6 dB compared to the sum of the transmission loss of the two individual shells.

f d =
1

2π

ca

d
≈ 55

d
(7)

3.2 Modified model
In order to be able to consider the dependency of the characteristic insulation properties in the prediction of
airborne sound insulation, a rigid skeleton is assumed in the case of insulating materials that are not loaded by
force and an equivalent fluid is assumed as a substitute model. Depending on the shell distance, at medium or
higher frequencies cavity resonances ( f HR) after (8) can occur, which reduce the sound insulation. Where c is
the complex phase velocity in the equivalent fluid.

f HR,n = n
Re{c}

2d
mit n = 1,2,3... (8)

By using a porous absorber the reduction of transmission loss can be minimised. The absorber reduces the
stiffness of the air layer and attenuates cavity resonances. In the modified model, the resulting dynamic stiffness
is calculated from the superposition Ares of the individual cavity resonances multiplied by dynamic stiffness of
the equivalent fluid acc. (3). For each resonance, a foot-point excited, damped single-mass oscillator is assumed.

1In [5] 4 instead of 2π is given for the transition of the equations, but 2π is also used in the diagram of the source reference. The 2π also results
from the crossover frequency of the two equations in (6).
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Also the bulk modulus at the mass-spring-mass resonance in (3) and (1) can be determined iteratively with the
use of the specific insulation properties of the equivalent fluid. The corresponding values from the standards are
additionally shown in Fig. 2. The loss factor (η) for the amplification function Ai of an individual resonance
can also be calculated from the dynamic bulk modulus according to (9).

η =
Im{K}
Re{K}

(9)

To correct the difference in impedance between air and the cavity filled with insulating material, a further ratio
between these impedances is added in (10). With decreasing frequency the influence of this correction on the
result increases. The difference caused by the impedance correction is exemplarily shown in Figure 3.

R≈ R1 +R2 +20 lg
(

ω Φ

s′a Ares

2 Za

1
Za

Re{Zc}

)
≈ R1 +R2 +∆Rmodified

(10)

3.3 Equivalent fluids
For this approach, it is assumed that the fibre-skeleton is rigid, is not shifted and the coupling between skeleton
and fluid is negligible. If there are doubts, a complete poroelastic model should be used. The dynamic bulk
modulus of the absorber is calculated according to (11) from the characteristic wave impedance (Zc) and the
propagation coefficient (γ) or the complex phase velocity (c) [see 7, 8].

K = jω
Zc

γ
= c Zc (11)

3.3.1 Semi-empiric models for fibre absorbers
The characteristic impedance and the propagation coefficient can be calculated on the basis of the flow resistance
using semi-empirical models for fibre materials [cf. 9–11] according (12) and (13). The basis of the different
fit parameters in the models are regression analyses of measurement results from glass wool and rock wool
samples, which often show a porosity close to one.

Zc = R+ jX

= Za

(
1+0.0497

( f
r

)−0.754)
+ j
[
Za

(
−0.0758

( f
r

)−0.732)]
[9] (12a)

= Za

(
1+0.0699

( f
r

)−0.632)
+ j
[
Za

(
−0.107

( f
r

)−0.632)]
[10] (12b)

= Za

(
1+0.00027

(
2− lg

f
r

)6.2)
+ j
[
Za

(
−0.0047

(
2− lg

f
r

)4.1)]
[11] (12c)

γ = α + jβ

=
ω

ca

[
0.169

( f
r

)−0.595]
+ j

ω

ca

[
1+0.0858

( f
r

)−0.700]
[9] (13a)

=
ω

ca

[
0.160

( f
r

)−0.618]
+ j

ω

ca

[
1+0.109

( f
r

)−0.618]
[10] (13b)

= 0.0069
ω

ca

(
2− lg

f
r

)4.1
+ j

ω

ca

[
1+0.0004

(
2− lg

f
r

)6.2]
[11] (13c)
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3.3.2 Macroscopic model for fibre absorbers
A more sophisticated prognosis under consideration of further macroscopic parameters is the calculation of the
characteristic impedance and the propagation coefficient according to Johnsen-Champoux-Allard (JCA) [8, 12]
in (14) and (15). In addition to the flow resistance, the porosity Φ, the tortuosity τ , the viscous and the
thermal length (Λ, Λ′) of the insulating materials are also taken into account. In describing the air, the Prandtl
number Pr and the dynamic viscosity µ are also required.

K(ω) = γ ps

[
γ− (γ−1)(

1+ Φr′
jτ Prρa ω

√
1+ j4µ τ2 Prρa ω

Φ2 Λ′2 r′2
)
]−1

(14)

ρ(ω) = ρa τ

[
1+

Φr
jτ ρa ω

√
1+

j4 µ τ2 ρa ω

Φ2 Λ2 r2

]
(15)

In Fig. 2 dynamic bulk modules, loss factors and phase velocities resulting from the macroscopic and semi-
empirical models are presented for the parameter data sets 1 and 2 of Tab. 1.
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Figure 2. Properties of equivalent fluids calculated acc. to empirical models [9–11] for Par. 2 and a macroscopic
model acc. to Johnson-Champoux-Allard (JCA) [12, 13] for Par. 1 from Tab. 1. The imaginary parts are grey.

3.4 Application
Figure 3 shows the influence of the cavity from the modified calculation compared to that of the semi-empirical
approach [4, 5] and to the values [15] obtained from measurements. The modified prediction shows a better
agreement to the measurement results in the frequency range of cavity resonances. The significant reductions in
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Table 1. Characteristics of insulation materials.
r Φ τ Λ Λ′

kPas/m2 µm µm
Par. 1 [14] 5.20 0.95 1.00 131 187
Par. 2 5.20
Par. 3 [14] 11 0.94 1.40 58 122

sound insulation are probably due to the fact that only the vertical sound incidence was taken into account in
the prediction. The double-shell wall consisted of two 16 mm chipboards and a mineral fibre insulation in the
cavity. To calculate the equivalent fluid, the empirical model according to [11] was used with a flow resistance
of r = 5.2kPas/m2 (Par. 2) .
Figure 4 shows the resulting transmission loss from the measurements against two different parameter data sets
for the insulation material using the modified calculation. The type of insulation material can lead to significant
differences in transmission loss.
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Figure 3. Cavity influence ∆R according to modified model with properties of equivalent fluid (Par. 2 from
Tab. 1) according to [11] compared to the semi-analytical approach [4, 5] and the values determined from mea-
surements [15].

4 CONCLUSIONS
With the modified prediction model, the transmission loss through the cavity resonances and the mass-spring-
mass resonance can be calculated using amplification functions of a damped oscillator with a single degree
of freedom. The equivalent fluids used for this purpose make it possible to calculate these depending on the
characteristics of the insulating material. This makes it possible to evaluate the acoustic quality of insulating
materials made from renewable raw materials in comparison to conventional insulating materials.
The next steps are to use insulation properties determined by measurement at PTB Braunschweig [cf. 16] as
input data for the prognosis and to compare them with component measurements. In addition, the transmission
via studs will be integrated into the prognosis.
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ABSTRACT 

The development of quantitative methods for description of auditory perception has extended the possibility 

of detailed analysis and optimization of sound properties. Psychoacoustic quantities help to assess audible 

features like loudness, roughness, sharpness, tonality and pitch. But why is it still not possible to precisely 

describe how an auditory phenomenon really manifests itself within the subjective perception of an 

individual? This would be essential in terms of defining targets for sound design, the legal determination of 

branding sounds and comprehension of the annoyance of auditory incidents.  

 

In order to approach this question, the so-called qualia problem shall be outlined in view of auditory 

perception. It is evident that development of effective metrics for sound evaluation is hindered by this matter. 

 

Even under the hypothetical presumption that a complete set of relevant parameters could be established, 

trying to find a definite description would fail due to the impossibility of including the perceived subjective 

content. Moreover, the holism of perception impedes achieving this goal. 

 

Various approaches will be discussed briefly: 

 

1. Verbalization of sensations and onomatopoeia 

2. Inclusion of further modalities as tertium comparationis 

3. Parameters related to the human body, like movement  

 

Keywords: Philosophy, Psychoacoustics, Sound Perception, Qualia, Phenomenology 

1. INTRODUCTION 

Since mid-20
th

 century, numerous quantitative methods for the description of auditory perception 

have been developed by means of psychoacoustic research. This has provided a variety of possibilities 

for the evaluation and optimization of sound features. Psychoacoustic quantities are indispensable 

measures for the assessment of audible sound properties like loudness, roughness, sharpness, tonality, 

pitch, and many others. But it is evident, however, that it is not yet possible to achieve a precise and 

complete description of how sounds manifest themselves within an individual’s consciousness. 

 

The definition of sound properties via psychoacoustic quantities as required by sound design and 

noise control faces two major problems. First, usually various sounds occur with the same set of 

quantitative descriptions, but sounding rather different. Secondly, a set of psychoacoustic parameters 

includes neither representational aspects of function and meaning nor iconic (associative) attributions 

to sound sources and complex environments. This problem similarly exists  for the design of objects 

with respect to other modalities. In this context, the word modalities is used as synonym of senses. As 

an example, a variety of parameters can be found which relates to the visual and haptic appearance of 

a tea cup, like color, saturation, grain depth, surface roughness, weight, grip and many others. Such set 

of parameters, however sized, will not entirely tell us what the cup looks like, or how it feels if we 

reach for it. In fact, quantitative perceptual parameters are indispensable for product optimization and 

manufacturing control. The sets of parameters applied are often effectual with respect to the given task. 

In order to provide a total description, which includes all aspects of auditory sensation, however, it is 

not sufficient to characterize single perceptual aspects by means of single physical measures, even if 
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those values have been carefully measured and verified for relevance by means of perception 

experiments.   

  

The challenge is to establish ways to appropriately communicate what it is like to see, feel, taste or 

hear something within our individual consciousness. First, the principal problem shall be described. Is 

it possible to sidestep the self-contained, subjective character of perceptual content?  

2. CAN WE COMMUNICATE HOW IT SOUNDS? 

The phenomena which constitute the content of subjective experience of a mental state shape the 

entity of perceptual qualities, the qualia (Latin qualis: “what is it like”). These qualia form the 

phenomenal consciousness of every individual, i.e. what we experience as world, as reality during 

daily life. Usually the projection processes of our perceptual system affect us to mistake this 

impression of reality with physical facts. In our awareness, the physical world is merely accessible via 

the filtering and model-generating processes of perception. Thus, qualia exclusively exist within the 

limitations of individual consciousness. Communication about the content of qualia needs a reference 

to objects or animals outside individual consciousness which are perceived – and can be referred to – 

by the participants of the communication process. When participants perceive the tone of an oboe, they 

are thus able to agree on a common description that ideally appears plausible for everyone. If this 

happens, we feel that the problem of communicating subjective content may be solved for situations of 

daily life. Contrary to those feelings, however, the qualia problem persists. The subjective certainty of 

having solved this problem is illusive, but it enables us to shape our life in a practical manner. We 

simply presume a priori that the perception of other human beings is similar to ours. 

 

In order to approach this complex of problems, it is essentially required to verbally separat e the 

field of subjective phenomena from the field of physical facts which stimulate our senses. Therefore, 

as an example, we need to distinguish auditory and visual phenomena from the acoustic and optic 

instances. This is not self-evident in the case of common speech. As an example, we need to avoid the 

term optic illusion in favor of visual illusion, because the illusion does not exist physically. While the 

qualia problem persists for all senses, examples applicable to various modalities will be discussed 

below, with a focus on visual sensation. All assumptions, however, can easily be transferred to the 

auditory field and the other senses. With regard to the qualia problem, the term color thus can be 

substituted by timbre, as a synonym of tone color.  

    

Above all, the fundamental boundedness of language accounts for the problem. Descriptions of 

perceptual content are essentially vague. In many cases, we cannot find any description which seems 

to be appropriate. Various descriptions can only be found if based on others which are already known. 

For example, communication of odor is usually based on iconic features: it smells like citrus, apple, 

coal fire, licorice or fuel. Communication regarding odor, however, fails if we do not find any 

associative term that fits. Then, few basic aspects of smell like sharp or musty are left. These words 

only convey a rudimentary impression of the respective sensation.  This also applies to verbalizations 

of color sensations. It can be assumed that the subjective perceptual qualities which are expressed with 

such words are also not constant between individuals, but feature are typically blur. Borders between 

color categories shift individually. They also can deviate depending upon ethnic group or cultural 

circle (1).  

 

On the occasion of the description of auditory perception, technical functions which are actually or 

seemingly reflected by the thus generated sounds, play a role. It may sound like a defective wheel 

bearing or it may suggest that coffee beans are missing in the coffee grinder. Communication is thus 

enabled with respect to the mapped function.  

 

The qualia problem includes much more than simply the lack of accuracy of language. We need to 

derive our vocabulary by means of references towards objects which persist outside of our 

consciousness. This is due to the fact that we are unable to create the required expressions from the 

content of consciousness itself. The transformation of all the features of external objects into the 

individual consciousness cannot be understood from outside. The conclusive presumption is that those 

transformations may be quite different for every subject. We simply know that we have agreed on 

common descriptions. 
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Nonetheless, what could be the result of a direct comparison of the contents of consciousness? 

Some thought experiments can illustrate the challenge. 

 

Do we really know whether a timbre which is described by various listeners in a similar way, e.g. as 

ringing of a bell, is represented by the same sensation within a single individual? This problem is 

equivalent to the uncertainty over a similar perception of color. As an example, we have learned to 

name light of the wavelength of 460nm as “blue.” In this case, however, it is absolutely undetermined 

what it is like to see this color in a person’s consciousness. It is not possible to prove the similarity of 

individual sensations by means of verbalization. It has merely been agreed on to use consistent 

wording, i.e. a linguistic convention for the individually perceived hue that is stimulated by a specific 

wavelength of light. This agreement functions independently of the fact which color actually appears 

on the subjective “inner screen.” The verbal assignment is definite even in the case the blue of one 

person is the red of another subject. Thus, variations of the subjective content of perception cannot be 

verified on the basis of linguistic conventions. This is due to the fact that i t persists in the nature of 

conventions to eliminate differences. Communication becomes thus very clear, but with the drawback 

that subjective differences are eliminated from the communication process, as if they actually do not 

exist at all. Although these conventions normalize the usage of language, during daily life a conceptual 

blur between physical (here: optic) and mental field (here: visual perception) impedes the discussion :  

 

1. “The sensation blue” does not mean a subjective impression similar to all individuals, but it 

simply is the linguistic convention for the hue that is visualized when seeing a light of a 

wavelength of 460nm. 

 

2. With the term “blue light,” subjective perceptual content is transformed and thus projected into 

the physical world. The physical phenomenon, however, exhibits a spectrum that is 

characterized by means of the intensity of its spectral components. In contrast to its perception, 

the physical phenomenon itself does not include any color. 

 

3. It can be verified by means of a physiological or behavioristic experiment (i.e. by observing 

behavior), if an animal is able to perceive “blue light.” From these results, however, it cannot be 

concluded that a particular kind of color sensation may already exist within the animal’s 

consciousness.  

 

As mentioned before, it is not possible to prove the identity of a subjective color sensation of different 

individuals. Moreover, it is impracticable to verify whether an individual perceives colors which are 

completely unknown to someone else. It is well known that various animals are able to perceive light 

of different wavelengths than humans. The question is whether light stimulus of those wavelengths 

will cause sensations unknown to us, or will the human palette of color sensations be adapted to the 

different wavelength range of the stimulus. Does a fixed set of color sensations exist (i.e. the various 

colors perceived) which is available for all animals and human beings independently of the range of 

wavelengths/frequencies? Alternatively, amongst the numerous possibilities, it could be the fact that 

the perceived hues feature a fixed relation to the stimulating wavelength. In the case of an animal 

which is able to see ultraviolet light, this would certainly cause color sensations which are unknown 

and even unimaginable to us. 

 

The question is similar for auditory perception: how can we imagine the subjective sensation of 

animals which are able to hear ultrasonic sounds? Does this cause pitch and timbre perceptions we 

already know from our own experiences? In this context, bats are of special interest. Some bat species 

can hear sounds up to a frequency of 120kHz to orientate themselves and to locate insects. We are not 

able to imagine the subjective world of a bat, i.e. to imagine how it is like to be a bat. Nagel referred to 

this fact in order to demonstrate the implications of the qualia problem for the relation between the 

objective, physical world on one hand and the subjective world of any individual on the other (2).  

3. SELF-AWARENESS AND THE OTHER MINDS PROBLEM 

Nagel’s point is neither to understand the perceptual ability of a bat in detail nor to imagine with a 

human’s consciousness how it would be like to feature the physical skills or behavior of these animals. 

1420



 

 

“In so far as I can imagine this (which is not very far), it tells me only what it would be like for me to 

behave as a bat behaves. But that is not the question. I want to know what it is like for a bat to be a bat  

(2, p.439).” 

 

The only experience which an individual gains with the manifestations of consciousness relates to 

one’s own self-awareness. This also applies between very similar animals. The content of other minds 

is always inaccessible. “Reflection on what it is like to be a bat seems to lead us, therefore, to the 

conclusion that there are facts that do not consist in the truth of propositions expressible in a human 

language (2, p.441).” Thus, due to their subjective nature, the individual representations of 

consciousness cannot be conveyed by language. At least, the possibilities of verbal communication are 

very limited.  

 

An extreme conclusion from this fact would be to suppose that for each subject it is certain that only 

one consciousness already exists. Each subject is exclusively aware of their own consciousness (3). 

The probability that one’s own awareness plays a special role amongst all human beings, however, is 

small. Therefore, such solipsism is not a promising approach. At least, the impossibility of real precise 

communication of the subjective content of consciousness indicates that the relation of our perception 

to the external world shows fundamental uncertainties. A radical consequence has been stated by 

Wittgenstein within the preface of his Tractatus Logico-Philosophicus: “What can be said at all can be 

said clearly; and whereof one cannot speak thereof one must be silent.” / “Was sich überhaupt sagen 

lässt, lässt sich klar sagen; und wovon man nicht reden kann, darüber muss man schweigen” (4, 

preface, English translation by Ogden/Ramsey). 

 

Even if it is rather unlikely that the conscious content of similar animals or of human beings shows 

extreme deviation among various individuals, it is evident that a specific point of view is applied 

towards everything that can be sensed. “Whatever may be the status of facts about what it is like to be 

a human being, or a bat, or a Martian, these appear to be facts that embody a particular point of view ” 

(2, p.441). This is particularly essential regarding the inner view of conscious beings. With respect to 

the external world, however, Nagel admits that it already is possible to find objective descriptions. In 

fact, the external world is also observed from individual points of view. But contrary to the subjective 

content of consciousness, it is independent of any individual prospect (2, p.443). 

  

As a core challenge of philosophy, the qualia problem touches questions on the level of connection 

of consciousness to the body, especially to its electro-chemical brain activity, and to what extent the 

psychic phenomena can be derived from (i.e. be reduced to) the physical processes. In ancient and 

medieval times, the mind–body problem has usually been explained as a result of dualism between the 

felt body and a pure spiritual entity named the soul. During the modern era concepts gained importance 

which tended to trace all activities of the mind back to physical processes of the body. In the context of 

approaches towards physicalism, one tries to completely reduce psychic incidents like perception and 

representations like qualia back to physical processes (5). That is the approach favored by actual brain 

research. Although sophisticated, up-to-date measurement techniques have been applied, it is still not 

possible to verify the correlation of content of consciousness with physical brain activity in the 

minutest detail, as needed. 

 

Referring to the cognition science of the 1980s and 90s, Varela distinguishes among four modern 

schools of thought around the relation of brain and consciousness (5, p.339f). This list excludes both 

the classical dualistic approach and attempts at solutions focused on quantum mechanics: 

 

- Neuro-Reductionism, which eliminates “the pole of experience” and the psyche itself by 

describing brain functions as manifestation of neuronal activity.  

 

- Functionalism, which tends to “replace the link between cognition and consciousness (…) by 

the link between cognition and its corresponding functional or intentional states” (5, p.340). 

 

- Mysterianism, which states that in general the connection of consciousness to body functions 

and physics cannot be clarified. “The hard problem is unsolvable” (5, p.340). In Varela’s view, 

Nagel is a representative of this approach.   
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- Phenomenology, an approach which is “grounded on a peculiar move to explore experience” (5, 

p.341). The school of phenomenology accepts that subjective experience cannot be completely 

reduced to neuronal processes. The individual experience is the foundation for description of 

consciousness.  

 

The radical reduction of the base question as intended by neuro-reductionist thinking does not help 

with our question, because it does not enable a conclusive approach which is appropriate for the 

complexity of all aspects of brain activity. It eliminates the most challenging aspects from the question. 

On the contrary, phenomenology is a promising approach which does not put the subjective aspects of 

perception and awareness into question. Thus, phenomena of individual consciousness gain a crucial 

role in the description and explanation of mental processes, and even for the external world. During the 

20
th

 century, this school of modern philosophy had significant advocates, from Husserl and Heidegger 

to Varela and Schmitz (5, 6, 14-16).  

 

In the context of the challenges described above, and with a view to the considerable progress 

already made, a psychoacoustic description of sounds is still fragmentary. A principle solution for the 

qualia problem would be essential. For example, this includes the definition and communication of 

development targets for sound design, the legislative fixing of “sound marks,” and the understanding 

of annoyance caused by auditory events. As mentioned above, conventions of communication can only 

be developed in the case that two individuals perceive an object simultaneously that is located outside 

of their own subjective world. This object then serves as tertium comparationis, an object one refers to, 

because it is accessible to both subjects and not influenced by the observer’s subjective points of view. 

 

Are there any ways to circumvent the qualia problem? 

4. APPROACHES 

Three basic approaches shall briefly be discussed below. The related topics are just slightly touched 

upon. Those approaches look promising with a view to the enhancement of possibilities to communicate 

the subjective content of perception. It is intended to roughly outline potential fields of activity in which 

in-depth work could be beneficial.  

4.1 Onomatopoeia 

A classical method for the communication of auditory qualities is the vocal imitation of sounds by 

onomatopoeia (echoism). Such reference sounds add sound qualities to the communication which 

cannot be expressed by the semantic content of language. It is also common practice to add plausibility 

to words which describe sounds with additional nonverbal content by means of onomatopoeia. As 

examples, sound can show auditory qualities like rattling or squealing. Those onomatopoetic aspects 

are reproduced when reading a text. Those expressions are thus very popular  for comics, like crank, 

honk or ding, in order to indicate specific vehicle sounds, amongst many others (7). 

 

In the field of sound design and acoustics engineering, the computer-based generation of reference 

sounds is a contemporary method to demonstrate sounds as a basis for communication. Even then, the 

subjective manifestation of the reference sound within each individual is still unknown. Thus, by 

means of both onomatopoeia and artificial reference sounds, it is not possible to avoid the uncertainty 

around subjective qualia. An additional objective representation is simply added that serves as tertium 

comparationis, but it likewise persists outside the individual perceptual world. This representation is 

suitable for comparisons of different sounds, but does not clarify what it is like to hear a sound within 

another mind.   

4.2 Cross-modal comparisons  

In various cases subjective experience extends the sensory modes which are concurrently 

stimulated. Will these cross-modal interactions serve as tertium comparationis in order to specify the 

subjective perceptual content more precisely? Notably audition often provokes additional visual 

sensations, which may be enabled by iconic (i.e. associative) or synesthetic connections within the 

perceptual system (8, for differentiation of various ways of cross-sensory connection see 9). Specific, 

genuine types of synesthesia occur quite rarely. The subjective perceptual world of every human, 
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however, is shaped by multisensory processes. These processes form a subjective environment, which 

Emrich names a “private perceptual world” (“private Wahrnehmungswelt”). Furthermore, he states 

that it can be attributed to be “transmodal” (10, track 4). In his view, synesthetic connections can 

“deepen the experience of reality” (“Wirklichkeitsvertiefung”; 10, track 12). Thus, the impression 

could arise that corresponding visual sensations are indeed feasible as tertium comparationis to more 

precisely specify the communication of perceived sound features. 

 

An interesting question is the ability of perfect pitch perception: which qualia provide the 

information about the pitch presented? How is this information coded within the perceived world? Is 

the denomination of the perceived musical note (e.g. “Gis”) represented in the visual system? Or is the 

note visualized as seen in the score? Or is the specific key of the piano visualized, as it is located on the 

keyboard? In fact, some subjects with perfect pitch perception use synesthetic color sensations for the 

identification of pitch. During an investigation of 69 individuals with perfect pitch, Wellek identified 

30% (21 test subjects) with synesthetic perception, who unintentionally connect tone pitch with visual 

color (11, p.296). As described by this early study, the visual color indeed serves as tertium 

comparationis for recognition of tone pitch. 

  

Beside specific synesthetic phenomena, all humans intuitively make use of visual analogies 

(correspondences) for description of auditory features (12). Typically, such analogies are applied to 

the notation of music for musical scores as well as for the documentation of acoustic measurements. In 

this case, the fundamental cross-modal relation between height of visual objects and tone pitch is 

applied. Such correspondences are spontaneously configured by the perceptual system. Therefore, the 

correlation of high tone symbols and high pitch within a musical score appears to be plausible and 

useful for most people. In principle, there are some indications that common cross-modal correlations 

may help to paraphrase qualia. 

 

The description of visual phenomena which are connected to auditory incidences, however, does 

not generally avoid the qualia problem: Auditory events, which cannot be described exactly, are 

supplemented by visual phenomena, which are also not precisely describable.  

4.3 Body-related quantities and movement  

An additional method for the communication of perceived sound features can include taking body 

states and body movement into consideration. Conditions of tension, which are well known from 

bodily perception, can thus be found as attributes of sound. Initially, movement is an activity that can 

be provoked by music – dance is one example. Moreover, movement is sensed as an essential attribute 

of music and sound. It is closely connected to the temporal variation of perceived auditory occurrences  

(13). In principle, sensation of movement is a multi-sensory incident. Schmitz outlines the importance 

of the relation between the stimuli emerging from exterior and the body of the perceiving subject (14, 

15). Perception is by no means a pure neuronal process which is executed in complete isolation from 

any bodily activity outside the central nervous system. Schmitz outlines that movement thus ranks 

amongst a set of “bridge qualia.” These qualia are perceived at both one’s own body and at 

encountering entities – “Brückenqualitäten, die sowohl am eigenen Leib gespürt als auch an 

begegnenden Gestalten (…) wahrgenommen werden können (16, p.40).” 

  

Frequently, stimulation of sense organs causes bodily reactions which can be measured objectively. 

In the past, in view of behavioristic concepts, measurements have been judged to be the only reliable 

method for evaluating perceptual phenomena. This excludes vague descriptions about subjective 

perceptual worlds. Such an approach, however, systematically ignores the fundamental peculiarity of 

the perceptual content as a major part of individual consciousness. Damasio concludes from 

investigations of brain activity that even emotions are not always connected to measurable body 

reactions. In many cases it is just a simulation of these reactions by the brain which leads to feelings 

rather similar to real body states (17). Nevertheless, this simulation is only possible if the body and its 

reactions have been involved before. 

 

However, even if interactions of the perceptual system with body activities are considered, the 

subjective world is entirely unapproachable from other people’s minds. Again, the qualia problem 

cannot easily be circumvented.  
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5. CONCLUSIONS 

It is evident that a principle discrepancy exists between the stimuli of the physical world and the 

subjective representations which appear within individual consciousness. Furthermore , it results from 

the above-mentioned considerations that this gap cannot be bridged logically by means of today’s 

knowledge. Measurable quantities of physical stimuli are thus not sufficient to completely describe the 

individual perceptual world which they evoke. Finding a solution for this challenge is not simply a 

question of the appropriate effort required by subjective studies or a question of the time spent with 

psychophysical tests needed to achieve a complete reduction of perceptual content down to the 

features of the acoustic stimuli. The effort spent over past centuries has already approached a border 

which in principle hinders a satisfying solution. It is difficult to precisely define, however, what it is 

that prevents the reduction. Fundamental understanding of this difficulty would be a major step of a 

constructive approach. Nevertheless, it is evident that this would require a solution for the classical 

mind–body problem (“Leib-Seele-Problem”). 

 

Shall we thus dismiss any attempts to use verbal descriptions and cross-modal comparisons to 

paraphrase subjective qualia? Wittgenstein’s famous sentence (which he revised later) rejects any 

possibility of approximating the content of perception by circumscriptions instead of fumbling for 

precise verbalizations. For this purpose, it will be necessary to apply all feasible ways of description in 

parallel, including verbal and non-verbal approaches. This tends to advance the inner world of other 

minds by orbiting the subjective core. By the means mentioned before it will presumably not be 

possible to achieve a precise transformation of subjective content into language. Nevertheless, the 

result might come close to appropriate communication. This already happens via specific modes of 

expression in the arts, design and music, which help to access the unutterable. Literature aspires 

towards a similar objective, especially lyric poetry. 

 

With respect to the future of the field of psychoacoustics, we cannot count on the assumption that a 

complete description of phenomena of auditory perception by means of sound measurements will soon 

be feasible. It is thus essential to always understand both the physical and the perceptual side. 

Perceived qualia must be approached by means of sophisticated experiments based on extensive 

groups of test individuals. Experts working with auditory perception need to be proficient in both 

fields. In the future it will be essential that research and educational activities are more strongly 

focused on the indispensable broadening of the scientific horizon towards the perceptual side. 
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ABSTRACT

Digitalization and globalization allow us to create machines that can be used all over the world. But we
must consider what people in the target markets want. What do they think of the hidden microphones in our
living rooms, why are they afraid of speech-control? Are people ready to give us their trust in our creation
and their consent to share their privacy with us? Since the buzzword AI can be read in every newspaper and
it seems like there is no other technical topic out there to talk about any more, I want to ask some questions.
What the societies worries are and where may they come from and how can we handle our responsibility as
the producer of  change? The political  debate  is  often ideologically.  We as scientist  and engineers  can
support  the  decision-makers  and  the  society  with  giving  the  rational  facts  and  provide  simple,
understandable explanations of what is going on in the tech world. Because it is not just about with which
good or evil device we interact. Instead of being afraid of change it is a matter of HOW WE INTERACT
and HOW WE TRANSFORM the world into a better one for all of us.

Keywords: Speech assistants, Society, Responsibility

1. INTRODUCTION
Science fiction authors have known it  for a long time: speech assistants make our lives easier.

They keep us up to date and inform us aboutnews or remind us of important dates. Built into a robot,
they do unloved work or help us raising our children. They know everything about us and offer an
entertainment  experience  adapted  to  our  preferences.  But  what  is  the  impact  of  human-like
technology  systems  on  social  behavior?  Furthermore,  the  role  of  an  engineer  and  his  or  her
responsibility regarding the evolving technologies is addressed.

2. DISCUSSION

2.1 Speech assistants available on the market

Since  everyone  can  buy  his  or  her  own  Smart  Speaker  (a  speaker  with  an  installed  speech
recording software and a connection to the internet to process the speech commands in the cloud),
the technology of speech assistants has experienced a remarkable boom. Just a few years ago (since
2011), Siri on the iPhone was only able to create a simple calendar entry for you.  Nowadays Alexa
and Co. can report on the weather, switch the lights on and off in your Smart Home and order pizza
for you.

Amazon has had a considerable influence on the upswing. The company has launched its  own
device  with  speech  recognition  and  speech  processing  software   which  makes  the  shopping
experience even more convenient and increases the acceptance of the  assistants linked to company
offers.  Therefore,  the company was criticized with regard to data protection and received the Big
Brother Award in 2018 (1).

Nevertheless,  Amazon is  enjoying  market  success  with  the  Alexa  software  in  various  devices.
Other large providers followed and also brought their own smart speakers onto the market (before
Google  launched  its  speaker  in  Germany  in  2017,   the  Google  Assistant  was  only  available  in
smartphones since 2012). Apple was the last one to introduce a speaker to the market; they offer a
speakeronly  in  the  US  since  2018  .  In  order  to  compare  the  systems,  there  are  various  criteria

1 andrea.ebner@tum.de
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according to which the quality of the language assistants is evaluated. The Alexa software features
the most natural speech, while the Google Assistant can answer questions in a mostly reliable and
correct way (2).

2.2 How the assistants work

The functionality is simple:  The software wakes up when a  code word is  spoken and then the
instruction  is  recorded.The  system  sends  the  received  command  to  the  server  of  the  software
provider, where  it is processed. In some cases, everything is recorded and then sent to the server for
speech analysis to extract the commands and instructions. The result is finally returned, usually that
is an information or an instruction for a device from a Smart Home. For example, the user will hear
music  (from  the  Smart  Speaker)  or  the  lights  will  start  to  dim  or  change  color.  The  hardware
consists, among other things, of (at least) a loudspeaker and a microphone, where in some cases, the
latter can be switched off with a button, in order to avoid unwanted command recognition.

This  functional  simplicity  makes  the  system  attractive  and  comfortable  for  many  users.
According  to  the  manufacturer  (Amazon),  more  than  100  million  devices  on  which  the  Alexa
software is installed were sold by the end of 2018. This is the case for in-house products as well as
high-quality loudspeaker systems, among other devices (3).

The attractiveness of  Amazon's  software may be further  enhanced by the fact  that  private  and
commercial  developers  can  extend  the  functionalities  by  programingso-called  skills.  One  can
compare these skills with the apps for smartphones. Thus, a large community can participate in the
technology and establish a connection with the product world and the company.

2.3 Useage of speech assistants

During  a  study  conducted  by  Capgemini  Digital  Transformation  Institute  in  2018,  people  in
different countries were asked about their opinion and habits about speech assistants.While 13% of
German  interview  participants  aged  over  18  already  use  stationary  speech  assistants,  27%  can
imagine doing so in  the near future (4).  Furthermore,  38% of those surveyed in the US,  the UK,
France  and  Germany  wish  the  human  assistants  in  call  centers  to  be  replaced  with  personalized
speech assistants. They expect time savings and more convenience for themselves (5).

2.4 Privacy and data protection

The main  aspects  of  criticism are  concerning  privacy  and the  related issue  of  data  protection.
Privacy is considered to be a shielded area in which one can develop oneself in a very personal way
(6). The fact that the boundaries of this area are interpreted individually and differently can be seen
in  the  way  social  media  are  being  used.  While  some  people  post  pictures  of  themselves  in  any
situation in life, others delight their friends with photographs of food and landscapes, some others
strictly refuse to participate in social networks from the very beginning (7).

Furthermore, this definition of the private sphere is culturally and historically shaped. In recent
years, it was mainly the US, and thus especially Silicon Valley, and China that set the pace. They
enabled  the  rapid  development  of  technology  and  therefore  the  perspective  on  privacy  has  been
influenced in different ways. What the United States and Germany (and Europe) have in common,
however, is the basic approach: the individual is at the center of debates. In parts of Asia and Africa,
on the other hand, the well-being of the community is  more desirable  than the satisfaction of the
individual's needs (8).

Moreover, every user of a device with an incorporated speech assistant connected to the Internet
has to trust the companies to a certain extent, because when purchasing and using the device, the
provider will invade the private sphere to perform its services.

The critical aspect of data protection can basically be summarized in a few simple words: Users
choose less privacy for more convenience.

2.5 Education

Speech  assistantst  seem  to  be  a  very  popular  support  in  education.  Parents  use  assistants  as
playmates for their children, for example the talking doll called “My friend Cayla”. However, the
contact  of  children  with  talking  toys,  which  can answer  simple  questions  and  provide  them with
information,  is  a  sensitive  matter.  For  instance,   children  may not  be  aware  of  any  danger  when
"Cayla" suddenly asks them to open the balcony door and let a stranger into the house. This would
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have  been  made  possible  by  an  unprotected  Bluetooth  connection,  which  would  have  allowed
anyone  to  connect  directly  to  the  doll.  Therefore  it  was  classified  as  a  forbidden  transmitter
according to § 90 TKG (Telecommunications Act in Germany) (9).

When children grow up with talking,  interactive dolls or other  devices,  they develop a certain
behavior  towardsthese  objects  and  seemingly  imagine  them  to  be  real  playmates.  Some
manufacturers have reacted to reports of a harsh conversational tone due to speaking in command
form  (10)  with  a  "child-friendly"  mode,  which   requires  "Please"  and  "Thank  you"  in  the
communication.

In order to protect children from over-consumption, there are also features to limit the usage time
of speech assistants. Parents themselves also intervened to slowly and consciously teach the children
that  they have a robot in  their  hands and that  it  should not  be equated with a human being.  The
explanation of the difference between humans and machines is essential in all future education.

2.6 Interpersonal and close relationships

Not yet explicitly researched, but nevertheless frequently discussed in the media is the influence
on  the  perception  of  gender  roles.  Most  voices  of  speech  assistants  are  female.  This  gives  the
impression that  women are servants and handlers  and that they are  only employed for supporting
activities (11).

In some cases, relationship desires are projected onto speech assistants, creating an ideal image
of a partner. Survey participants think of the assistant as a nanny, pet, surrogate mother, partner and/
or  coach.  This  projection  increases  the  expectations  on  potential,  real  life  partners  and  technical
devices  can  become  a  competition  for  humans.  Nevertheless,  the  fear  of  addiction  and  of  being
dependent on technical assistants is also reported (12).

This raises the question of the value of a relationship: Would you rather interact with an ever-
friendly personal assistant or would you invest your feelings and efforts into a person who will be
there for you under all circumstances in life?

2.7 Guidelines for responsibility

Nowadays,  experts seem to have little time to deal with moral and social issues. But the more
complex the use of the technology is, the more requirements and concerns must be considered. In a
guideline  recently  published  by  IEEE  on  the  ethically  correct  handling  of  autonomous  and
intelligent systems (13), the scientific disciplines involved are approached and advised about how
they  should  act  in  order  to  follow ethical  and  social  conventions.  The  following aspects,  among
others, are taken from that guideline and are extended.

2.7.1 Be open and discuss with others
To be able to take ethical guidelines into account and successfully implement a technology, one

must  first  be  aware  of  the  potential  problems  of  new  technologies.  Due  to  the  complexity  of
systems, it is urgent to seek help from  as many other disciplines as possible.  An interdisciplinary
approach is essential when dealing with complex issues. 

Equally  fundamental  for  constructive  debates  is  a  mutual  acceptance  of  substantially  different
views and an understanding of concerns from other areas.  If you have  doubts, it is essential to step
out of your own shadow and ask other experts (and "normal" society) at an early stage.

2.7.2 Fear of technology?
At the moment it seems as if society is mainly afraid of new technologies (artificial intelligence,

humanoid robots, ...). It is therefore advisable for experts to get involved in public discussions at an
early stage. With rational facts and clear, understandable examples it is possible to deprive dystopias
of  their  basis.  Often,  fears  are  unfounded  and  based  on  a  lack  of  knowledge  (Can  there  be  an
artificial intelligence if you don't know what intelligence actually is?).

It is the responsibility of  experts to make sure that their achievements are used in a sustainable
way and in the best interests of mankind.

3. CONCLUSIONS
There  is  no  doubt,  technolocigal  progress  has  both  positive  and  negative  sides.  While  lots  of

users  appreciate  the  help  of  digital  assistants,  some  are  worried  about  security,  privacy  and  the
future developments.
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Communication has and will always be evolving. People will always communicate and interact
with each other in some form, be it via text messages or via spoken word. The content matters, not
the means of transferring them. Speech assistants will  integrate themselves into family and social
life,  as  many  technical  achievements  (TV,  PC,  smartphone)  have  done  before.  Families  or
individuals decide for themselves how, for what purpose and to what extent they want to use certain
devices.

Like everywhere else, there are skeptics and fanatics. Through matter-of-fact discussions, issues
such as data protection can be resolved in a compromise that takes both the technical progress and
individual needs into account. Those who are knowledgeable, i.e. technicians, researchers, teachers
and  others,  have  the  responsibility  towards  society  to  educate  the  non-scientists.  They  have  to
explain how the technology works, how to keep control of it  and how to eventually deactivate it.
They, or to be more precise: we, must contribute to education and technology training. We have to
discuss  with  those  who  are  not  aware  of  the  possible  consequences  of  new  technological
developments and we have to critically question our own achievements. We have to calm media and
society down if the debate tends to go surrealistic; and we should speak out loud against fake news
about our technological achievements.

Our challenge as experts should be: How can the strengths of people and machines be brought
together without neglecting people?
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Abstract
Philosophy is research over time and an applied basic science. This article illuminates the philosophical aspects
of an auditory phenomenon, the human inner voice. The purpose of this article is to elaborate aspects of an inner
voice and to determine how it faces the audible realm. People are dialogue beings and existentially dependent on
experiencing resonance. The concept of the personal equation is used to determine the relationship of self and
world in auditory phenomena. For this reason, eight logical approaches to the world of life are presented and
defined with regard to auditory phenomena. Anthropological qualities show that this description is divided into
qualitative phenomena and spatial distances. Ethical demands must not be excluded. Keywords: Philosophy,
Acoustics, Resonance, Ethics, UNESCO
Keywords: STI mapping, work environment, numerical and experimental test

1 METHOD OF RESEARCH
Philosophy calls this an Aristotelian-phenomenological approach. You start from the everyday world you live
in, as you find it every day. And here we go. Many people around us claim to have an inner voice. This inner
voice leads them and warns them. Contemporary words for this idea are creativity and innovation. Creativity
is the inner and immaterial realm of motivation, innovation is the new conception and production of technical
devices. In classical Greek philosophy, the inner leadership is called daimonion (greek). At that time, the
conception of technical devices did not have the enormous significance it has today, so philosophers referred to
the way of life, the Eudaimonia. The inner voice is still purpose in itself. But happiness was the form of life to
be attained. The aim of ancient utilitarianism was to bring as much happiness as possible to the world. In the
21st century, the aim seems to be to bring as many technical innovations as possible into the world. Regardless
of whether we need them or not. This change of term is still a pity. From a philosophical point of view, the
inner voice refers to the ancient conception of soul and genius (latin). And that is why the secret roots of the
profession Ingenieur (german) and Engineer (english) and the understanding of audition might be found deeper:
deeper in culture, in science and as well in someone‘s becoming a person. And, finally, narration and fairy
telling is an immaterial cultural heritage[1, 2, 3].1

2 THE PERSONAL EQUATION BETWEEN THE INNER VOICE AND OUTER SOUND,
EGO AND REALITY

The first question is whether acoustics is a philosophical problem at all, and if so, in what way? The back-
ground is that philosophical answers to a question can only be found if there are philosophical problems at all.
This is doubted here.
The first step to interpret acoustics philosophically is to question audition about the conditions of its possibility
and to do so metaphysically. The reference point here is called the inner voice. An immaterial resonance space
is created.
The author uses the personal equation[6] to describe the individual correspondence with oneself and with the
outside world. It is an act of balance between inner and outer space that converges in the voice. The concept of
the personal equation goes back to the Swiss psychoanalyst Carl Gustav Jung, meaning the symbolic-mythical

1https://www.unesco.de/en/telling-fairy-tales. (26.5.2019)
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regression to oneself to understand the world. This process is analytically reductive and cognitive as well. The
organic point of contact between inside and outside seems to be the vocal folds.
There are at least three very controversial versions to philosophically approach the idea of an inner voice as the
other side of sound as an equation:

• logical-metaphysical

• anthropological-descriptive

• free in an ethic space of narration.

2.1 Logical-metaphysical basics of the personal equation
The first option, the logical-metaphysical way goes back to understanding the position of me in the world[7,
9, 8, 10, 11, 12, 13, 14, 15, 16, 17]. The following eight possibilities are to be considered, cf. Figure 1, and

R

I

2. Idealismus

I

6. Solipsismus

I R

3. Parallelismus

I=R

7. Identität

I R

4. Interaktionsimus

8. Skepsis/Mystik

R

I

1. Realismus

R

5. Hyperrealismus

Figure 1. Possible relations between the reality and the ego. R=Reality; I=Ego, reproduced after Blau[7]

defined on a trial basis:

• Realism: That I am in the middle of an enveloping reality. Reality is the limit of the Ego. The dominant
instance in the formation of the personal, inner human being is reality. Every single being is existentially
dependent on the living world giving it its voice.

• Idealism: Idealism is the opposite of realism. Reality arises in each individual, each individual ego de-
velops its own reality. A floating reality cannot be determined, transcendence forms the outer framework.
This position would be called romantic.

• Parallelism: Reality and I exist in parallel and do not form an intersection. There are no points of contact
between each individual and a universal reality. The inner voice and the audible sound are independent
of each other. Many different worlds are possible!

• Interactionism: There is an intersection between the ego and reality. The size is not decisive here, since
it must be a question of semantics. With regard to the personal equation between the inner and outer
voice, one can assume an overlap here. This ego-world interpretation seems to be very creative, because
the worlds seem to balance each other again and again. But this does not have to be the case, since the
other interpretations also assume friction. The question remains in which respect and from when on one
should speak of a philosophical problem. And although one starts from an intersection, the question is
still how it sounds and which symbolic, logical and personal areas interact.

1431



• Hyperrealism: There is only reality. One should not assume an independent ego. In a very narrow
interpretation, this is called determinism. We do not accept an inner voice formed by individuality. The
vibration of the vocal folds comes from the outside and reflects the outside in the inside.

• Solipsism: There is only me. No reality exists. One can start from the existence of other consciousness,
but it does not contribute to the emergence of personality. Whether there is an organ that could be
responsible for an exchange, I may not matter. But you have to be careful in the interpretation, because
you simply do not know it. And, however personality comes about, when someone speaks, you are aware
of the sound of her or him. And there also seems to be a resonance in the other, since one understands
each other without having agreed on all the rules beforehand.

• Identity: Ego and the world are one. Distinguishing criteria in consciousness cannot be found.

• Skepticism and Mystic: Discussion is possible, but there is no philosophical conflict.

From the point of phenomenology, the resonance takes place between noetic and noematic realms. This means
that intrinsic areas that belong to themselves are to be considered, and brought into resonance of noematics.
Noematics are widespread impressions. Meant is an open horizon to the world:

• The entire human anatomy and morphology. The individual skeletal structure of man is meant by that, as
well as individual proportions and biological evolution.

• Synesthetic-physical aspects, every perception differs from every other perception in every point in all
human beings always.

• Each auditory perception lands on a different biography and motivates other and new ideas, new fantasies
and old memories and finds its own processing as a psychoacoustic signal perception.

Philosophy knows the influence of sound through an "auditory lobe"[18], cf. Figure 2, for the unconscious and
subconscious, archetypes of sound[19] and at least seven types of listeners[20], seven types of intensity and
semantics.
In listening, a distinction is made between:

• the expert,

• the good listener,

• the educational consumer,

• the emotional listener,

• the resentment-listener,

• the entertained listener and

• the indifferent listener.

At this point we might apply the three-finger rule of philosophy: What can I know? What should I do? What
can I expect from it?[21]
We would therefore work on a matrix to make acoustic research more reliable, objective and repeatable, we
should at least ask which aspects of an auditory phenomenon can really be known, which interpretations can
be derived from it ethically and what we generally expect from it. If we explore a sound for its own sake, that
would be the philosophical approach, or if we explore the sound because it has a certain purpose, e.g. what
function a sound has and how it is defined.
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Figure 2. Auditory Lobe, reproduced after Freud[18]

2.2 An anthropological-descriptive diagnosis of privacy space in relation to outdoor noise
Here, too, the Aristotelian phenomenological method is applied. The fact is that every person knows the feeling
when another person comes too close to him or her or is not close enough, i.e. has a kind of feeling for
privacy[22]. They too have noetic and noematic aspects. What does an acoustic distance mean to me personally
and how can I relate the outside space philosophically to it?
In questions of distance one distinguishes the

• intimate area (within 1.6 feet),

• the personal area (up to 4 feet),

• the social-consultative space (up to 10 feet) and

• the public space.

A distinction is made between:

• kinesiological,

• thermal,

• olfactory,

• visual and

• acoustic influencing factors.

In order to continue problematizing, we focus on the acoustic signals. They appear as aural-oral couples. And
we distinguish near from far, close from not close. In the very close, intimate area, one speaks of the audibility
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of swallowing noises, rumbling and soft coughing. In collegial everyday life, but above all in public space,
such mutual perception is only tolerated if one is close to one another. One does not want to hear these noises
from strangers, for example in the overcrowded subway. In return, it is also desirable to hear such noises from
a very close person. The question here is also whether, and if so, what influence moaning sounds have on
the inner voice and what role breathing plays. There could also be some kind of feedback, an inner personal
resonance-dynamic, which is motivated by breathing. This process is influenced when (audible?) breathing fails
to occur and also when it is dynamized, for example, by sports activity. Of course, one must also consider the
effect the quietly audible self-talk has on people’s morphology. In the personal area one assigns to the sound
of the voice predicates like whispering, soft speaking and intimate style. In the social sphere, conversations are
called consultative, modified and casual. In public space, we use a loud voice when talking to a group, we raise
our voices. It looks as if the inner voice is already strongly influenced here, let alone when you scream or pelt
noises at people who drown out and outdo the abilities of your own voice. It is medically diagnosable which
(negative) influence too loud screaming has on the vocal folds. It should also be noted that musicians suffer,
for example, from hearing damage as a result of instrumentation. But what are the immaterial consequences for
everyone? What kind of creativity develops in the context of these oral and aural dimensions?

2.3 The personal equation as a free, ethical and healthy room of narration
The German Committee of the UNESCO declares 2016, that talking to one another, like fairy telling, is an
integral constituent of society and an immaterial cultural heritage. The interpretation of talking as the central
bearer of meaning of a culture can be applied well at this point. It is a trip to yourself. This is because talking
to one another as a design of the personal equation is used here in at least two ways: on the one hand as the
basis of the ego-world constitution as discussed under point 1 and on the other hand as a design element of a
personality. If we are often restricted in the interpretation of the outside world and held back in expressivity,
then we can develop ourselves completely freely, since we speak to ourselves here. We tell ourselves, for
example, exam-relevant content, we narrate for ourselves our own life and thus shape the past. Story telling
means profiling individuality. That is why it is about which boundary conditions, which limits the ego sets for
itself. There are three main limits to talking to oneself:

• by technology,

• by ethics,

• by ourselves.

Technology itself is not a serious problem. It is clear that technology sets limits to man as a production of
matter to compensate man’s deficiency. On the contrary, it is precisely this human need for help that ultimately
drives research. So we are strongly influenced by technical products as far as our freedom in dialogue is
concerned. Many of our wishes can be fulfilled immediately, analog and especially digital. Last but not least,
the economic system influences our perception of needs and desires. Desires are generated from a kind of
collective unconscious and seem desirable without us being aware of their origin. The unquestioned devotion to
technology seems to be a huge problem[23]. First and foremost, the self-imposed nuisance caused by noise is
one of the limits.
If we do not understand each other well enough for acoustic reasons, this clearly reduces our quality of life,
but also the pleasure gained through personal skills. We irritate each other!

What about ethics? The inner communication and dialog is first and foremost a question of inner guidance.
This means openness, tolerance and wisdom in classical terms. As a measurement method for ethical behavior,
philosophy knows the classical approach to virtues and vices[24, 25, 26]. Philosophy knows the discursive
power of duties just as well[27] and the golden rule. The problem here is probably to be found in merchant
ethics. This commercial approach in acoustics is definitely outdated. Because much of what has been produced
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with conviction is not needed, for example too noisy surroundings. Machine noise has long penetrated the
private and intimate listening area.

Ourselves. The third aspect of limitation by ourselves refers to the private sphere, i.e. ethical boundary con-
ditions. One consciously chooses a certain behavior in order to remain personally in balance and to create
harmony in the listening room. This presupposes that responsibility for results is taken consistently. In line
with UNESCO’s requirement to recognize the value of narration and talking to one another, it is therefore
suggested that the inner voice might be emphasized again as a special narrative moment, that new forms of
creativity might be identified and that in the end free healing spaces might be approached.

3 CRITICAL ACKNOWLEDGEMENT
This article presents the non-material phenomenon of the inner voice as an ethical regulator in a positive sense.
A biological existence cannot be defined with certainty, but it can be assumed that the vocal folds play an
important role as a membrane between inside and outside, between inner and outer voice. In the debate about
the ego-world relationship as a large-scale search for the marginal areas of the personal equation, it is precisely
refutation that challenges us. One reason for this is that all these aspects always occur in the same time and
each individual is able to present additional interpretations of the world. It is also conceivable to take an ap-
proach that focuses on an inner voice that is too loud. The inner navigation is then to be understood as so
loud that the outside world cannot be transformed into an equation, that is balance. Another problem arises
when the genius consistently does not listen to itself, the inner voice consistently listens away and is already
deaf to itself. Furthermore, it should be critically examined that the criteria for the private sector must in any
case be enriched by global aspects. The globe migration of peoples, as well as the permanent mobility of many
people and climate change makes a definition of qualitative space phenomena almost impossible. Therefore, the
research results, which do not include such a strong force as the inner voice, are doubtful. The inner voice
gives home. People need a home.

As an overall result, it should be noted that the world of life connects the engineering sciences and the philo-
sophical concepts with each other, although it is still work to do in what way philosophical problems exist here
at all.

But it is also important that certain inner inclinations and sources, with all self-control and responsibility, must
remain a secret.
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ABSTRACT 

Wind farms often evoke strong annoyance reactions in residents. Literature suggests that both acoustical 
characteristics and the visibility of wind turbines may contribute to noise annoyance. However, studies on the 
mutual audio-visual effects on annoyance are still rare. The objective of this study was to investigate the 
short-term noise annoyance reactions to different wind turbine noise situations in a controlled laboratory 
experiment. A set of 24 audio-visual rural scenarios containing a single wind turbine was synthesized, i.e., 
visualized and auralized. Combined with the full factorial experimental design, this allowed separating the 
individual contributions of the following variables to noise annoyance: distance to the wind turbine, periodic 
amplitude modulation of the sound (with, without) and visual setting (landscape with or without wind 
turbine; grey background). The experiment revealed that both visual and acoustical characteristics strongly 
affect noise annoyance. Annoyance increased with periodic amplitude modulation and/or decreased when a 
landscape was visible. For the latter case, the visibility of a wind turbine increased annoyance. While the 
acoustical effects could be reliably assessed, the visual effects were less straightforward to reveal, as they are 
afflicted with carryover effects. The presentation order of audio-visual stimuli was therefore found to be 
crucial for study outcomes. 
 
Keywords: Wind turbine noise, Noise annoyance, Audio-visual effects 

1. INTRODUCTION 
Wind farms often evoke strong annoyance reactions in residents at comparably low sound pressure 

levels, more so than other sources such as transportation noise (1). The visual as well as acoustical 
impacts of wind farms have therefore recently been much discussed. Literature suggests that both 
acoustical characteristics (e.g., (2)) and the visibility of wind turbines (e.g., (3)) may contribute to 
noise annoyance. However, studies on the mutual audio-visual effects on annoyance are still relatively 
rare. Only in recent years, such studies were conducted (e.g., (4, 5)). They confirmed that indeed both 
acoustical characteristics and visual impacts of wind farms contribute to (noise) annoyance. 

When performing experiments on audio-visual effects, one should also consider the presentation 
order of the stimuli. The latter may strongly affect the results due to two serial position effects: simple 
order effects and/or differential carryover effects (6). While simple order effects can be averaged out 
by counterbalancing, carryover effects cannot. Here, other strategies such as sufficiently long time 
intervals between presented stimuli need to be applied. To date, however, studies on audio-visual 
effects did not systematically consider these two serial position effects.  

The objective of this study therefore was to investigate the short-term noise annoyance reactions to 
different wind turbine (WT) noise situations in a controlled laboratory experiment, considering also 
possible serial position effects. 

 
This study has already been published in the journal “Landscape and Urban Planning”, and all study 

details may be found there (7). 
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2. METHODS 
A set of 24 audio-visual scenarios with a single WT was synthesized, i.e., visualized and auralized. 

Combined with the full factorial design of the experiment, this allowed separating the contributions of 
the following variables to noise annoyance: observer distance to the WT, periodic amplitude 
modulation (AM) of the sound (no, with), and visual setting (landscape with WT, landscape without 
WT, grey background) (Table 1). For the cases with landscape, the same rural, hilly landscape was 
chosen for both situations, with and without WT. For the case without landscape (which is a typical 
setting in classical psychoacoustic experiments with acoustical stimuli only), a grey background was 
chosen (Table 1). 

 

Table 1 – Factorial design of the experiment with audio-visual wind turbine (WT) stimuli covering observer 

distances to the WT of 100–600 m, two situations of periodic amplitude modulation (“no”, “with”), and three 

visual settings. The table shows the resulting A-weighted equivalent continuous sound pressure levels (LAeq) 

in dB per variable combination. 

Distance  

to WT [m] 
 

Visual setting 

Landscape with WT Landscape without WT  Grey background 

Amplitude Modulation 

no with  no with no with 

100  48.6 49.4  48.6 49.4  48.6 49.4 

200  43.6 44.6  43.6 44.6  43.6 44.6 

350  38.2 39.2  38.2 39.2  38.2 39.2 

600  33.0 34.0  33.0 34.0  33.0 34.0 

 
The visualization was created using the game engine CRYENGINE (https://www.cryengine.com) 

as described in (8). The auralization was done with the sound synthesis models described in (9, 10). 
The resulting videos and audio data were time synchronized and linked as described in (8). 

 
Forty-three subjects (22 females, 21 males) participated in the study. The laboratory experiments 

were conducted in the "Mobile Visual-Acoustic Lab" (MVAL) (11) at the authors' institution ETH 
Zurich. The experimental procedure largely followed the description in (2). In the experiments, the 
subjects attentively watched and listened to the simulations and rated each stimulus after playback 
regarding noise annoyance using the ICBEN 11-point scale (12). 

A preliminary experiment to this study revealed that the visual (but not the acoustical) effects were 
afflicted by differential carryover effects. Therefore, the three visual settings were presented in three 
blocks in completely counterbalanced order, while the 8 acoustical situations per block were presented 
in randomized order. With this design, the visual settings of the first block (first 8 stimuli) are free 
from potential carryover effects, while only the subsequent two blocks (remaining 16 stimuli) may 
contain such effects. 

 
The resulting data set was first visualized, and subsequently analyzed with linear mixed-effects 

models (procedure MIXED of IBM SPSS Version 23 and 25). 
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3. RESULTS AND DISCUSSION 
Figures 1 and 2 present boxplots of the individual annoyance ratings, showing the median (50%, 

horizontal line in boxes), the first and third quantiles (25% and 75%, lower and upper boundaries of 
boxes), the whiskers (data within 1.5 times the interquartile range), and outliers (outside the whiskers). 

The acoustical characteristics strongly affect noise annoyance (Figure 1). For the first block of 
visual setting, noise annoyance strongly increases with the A-weighted equivalent continuous sound 
pressure level (LAeq) and is larger in situations with AM compared to situations without AM (Figure 
1a). In fact, AM led to an annoyance increase of ~0.6 units on the 11-point scale, which would also be 
evoked by an equivalent sound level increase of ~2 dB. This corroborates the findings of (2). The 
effects revealed by the whole set of 24 stimuli (Figure 1b) are very similar to those of the first block, 
except that the annoyance ratings tend to be higher. Apparently, the subjects became increasingly 
annoyed by the stimuli over the experiment. This indicates a simple order effect, as was also observed 
in (2). 

Also the visual setting is important for noise annoyance (Figure 2). For the first block of visual 
setting (free from potential differential carryover effects), noise annoyance decreases in the order grey 
background > landscape with WT > landscape without WT. Compared to the landscape without visible 
WT, WT visibility led to an annoyance increase of ~0.7 points on the 11-point scale. This corresponds 
to an equivalent sound level increase of ~2 dB (i.e., similar as for AM). Thus, a visible WT was linked 
to increased annoyance, which is in line with literature (3). The visible WT may have drawn the focus 
of the subjects to the WT noise, while the subjects were more distracted by the landscape without WT. 
Similarly, the grey background may be associated with the highest annoyance because it did not allow 
for any (visual) distraction from the noise. Contrary to the quite stable acoustical effects, the visual 
effects of the first block were completely lost over the whole experiment (Figure 1b). Here, the three 
settings were linked to very similar annoyance reactions. This may be attributed to a differential 
carryover effect. It cannot be eliminated by counterbalancing, but must be dealt with using other 
strategies such as sufficiently long time intervals between stimuli. 

The above observations were all corroborated with mixed-effects models. 
 

 
Figure 1 – Boxplots of the individual noise annoyance ratings as a function of the A-weighted equivalent 

continuous sound pressure level (LAeq) and amplitude modulation (no or with AM), (a) for the first block 

(first 8 stimuli) and (b) all three blocks of visual settings (24 stimuli). Note that the x-axis is not to scale. 

 

4. CONCLUSIONS 
The present study revealed that both visual and acoustical characteristics strongly of WTs affect 

noise annoyance in a laboratory setup. In particular, annoyance increased with periodic AM and/or 
decreased when a landscape was visible. For the latter case, the visibility of a WT led to an annoyance 
increase corresponding to an equivalent sound level increase of 2 dB. While the acoustical effects 
could be reliably assessed, the visual effects were less straightforward to reveal, as they were afflicted 
with carryover effects. The presentation order of audio-visual stimuli was therefore found to be crucial 
for study outcomes. 
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Figure 2 –Boxplots of the individual noise annoyance ratings as a function of the visual setting, (a) for the 

first block (first 8 stimuli) and (b) all three blocks of visual settings (24 stimuli). 
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ABSTRACT 
The enduring energy scenario leads to further promote the development of the exploitation of renewable 
energy sources. Recent European standards, have been defining a path to reach in 2050 a level of 
decarbonization lower of 80% compared to 1990. Wind farms have been growing quickly for last decade with 
individual wind turbines getting larger and larger. In addition to the benefits of containing greenhouse gas 
emissions and restraining the use of depletable resources drawbacks have also appeared, due to noise 
generation from wind turbines and adverse reaction of some nearby residents. The noise generated by wind 
turbines has a broad spectrum character but the low frequency noise causes special problems. It is a fact that 
in different European countries special laws have been adopted to impose noise limits and evaluation 
methods for the assessment of environmental low frequency noise from this kind of sound sources. Other 
countries are still lacking specific rules but in the authorization procedure such analysis is required by 
environmental control agencies. The purpose of this study consists of comparing the assessment procedures 
currently used in different European countries for the prediction of low frequency noise from wind turbines 
and its propagation. The comparison of procedures gives a chance to put forward progressions in low 
frequency noise emission and reception. 
 
Keywords: Sound, low frequency, regulations 

1. INTRODUCTION 
Global warming and greenhouse gas emissions are matters of great concern. To keep under control 

and reduce such emissions, a global trend towards cleaner energy sources can be found. Concrete  
alternatives for coal and other fossil fuels are nuclear power and renewable energy sources. Therefore 
the present energy scenario has led to an acceleration in the development of the use of renewable 
energy sources. Recent European standards, such as communications COM/ 2011/112 “Roadmap for 
moving to a competitive low-carbon economy in 2050” [1] and COM/2011/885 “Energy Roadmap 
2050 “ [2], have raised the concern of defining a path to reach in 2050 a level of decarburization that 
is lower than 80% when compared to 1990. One of the most promising renewable sources is to harness 
energy from the wind through wind turbines.  

However, the widespread use of wind turbines is significantly hindered by the noise they produce.  
The technology to make full use of this source is based on large wind turbines, with a size as well as a 
rated capacity which keeps on increasing. A wind farm does not produce any polluting emissions but 

                                                        
1 marini@uniss.it 
2 costantino.mastino@fisicatecnica-unica.it 
3 rbaccoli@unica.it 
4 andrea.frattolillo@unica.it 
5 antonino.dibella@unipd.it  

1441



 

 

even so it has an impact on the environment that has to be assessed since the design stage : a careful 
evaluation of the acoustic impact is required. In order to prevent the noise generated or at least to 
significantly reduce it, the sources of noise have to be identified. Two major types of sources of noise 
are present during operation: mechanical and aerodynamic. Mechanical noise comes from the many 
different components within the wind turbine, such as the generator, the hydraulic sys tems and the 
gearbox. Aerodynamic interaction between blades and wind stream and is the dominant source of noise 
from wind turbines. 

The main contributor to aerodynamic noise originates from the trailing edge of wind turbine blades.  
Strategies to reduce aerodynamic noise include various adaptive solutions and wind techniques to 
modify turbine blades. Different adaptive noise reduction techniques have been developing for latest 
years, they include by the way varying the speed of rotation of the blades and increasing the pitch 
angle. Strategies like these have been successfully implemented for noise reduction purposes but they 
are not free from disadvantages as they can cause significant power loss [3]. 

Sounds consist of waves of fluctuating pressure, superimposed to the standard atmospheric 
pressure, and are usually characterized in terms of frequency spectrum [4]. Although t he broad 
spectrum of the noise generated by wind turbines a special interest in recent years has been directed to 
the low frequency range.  

Sounds with frequency between 20 Hz e 20 kHz are those that are normally audible by human 
beings and they are classified as the sound pressure disturbances to include into the audible range.   
Sounds with a frequency lower than audible threshold (i.e. with wide wavelength) are called infra 
sounds [5]. Infra sounds grow into perceivable when their pressure level is high and no physical 
difference between sound and infrasound can be detected in the audible frequency range. Low 
frequency noise (LFN) refers in some cases to a frequency range between 10 Hz and 200 Hz, in other 
cases to a range between 10 Hz and 160 Hz (Danish legislation).   

In the following the regulations for wind turbines in different European countries are considered at 
first together with some insights into noise generation from wind farms and noise propagation. After 
such a framework for the subject the present work consists of evaluating how the acoustic emissions in 
the low frequency range generated by large wind turbines affect sensible receptors (usually rural or 
industrial buildings). 

2. REGULATIONS FOR NOISE FROM WIND TURBINES  
In Europe, and all around the world, each country has taken its own individual approach to regulate 

noise generated by wind turbines. At first a we focus on noise limits and calculation methodologies 
that are mandatory in the different countries.[6] 

Noise is a factor which plays a considerable role in territorial planning and social acceptance of 
wind projects in Europe. However various studies have associated concerns over noise with visual 
impact and perception which has to be assumed as the main factor for annoyance. In most countries, 
noise legislation is based on national regulations, with allowable environmental noise limits 
categorised by area and timing. Numerous countries have set night limits and, some, evening limits.  
The level is normally calculated: 

 

metAWAp CAKLL ,,       (1) 

 
where Lp,A is the A-weighted sound pressure level at the receiver, LW,A is the A-weighted sound 

power of the source, K the penalty for tonal or impulse noise, A is the attenuation during propagation 
from source to receiver, Cmet is the meteorological correction. 

The term A is made up of different contributions that impact on the transmission of sound from 
source to receiver. For wind turbines three of them are enough, corresponding respectively to 
attenuation due to geometrical divergence, to atmospheric absorption and to ground effect:  

 

gratmdiv AAAA
       (2) 
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The limit for total noise in Denmark applies at a measured wind speed of 6 and 8 m/s, on a height of 
10 m taken as reference in IEC standards. For a wind speed of 8 m/s the allowed values are 2dB higher 
as wind turbines are assumed to produce more noise at larger wind speeds. Denmark provides different 
limits for homes in rural areas and noise sensitive areas:42 dB and 37 dB (v10=6 m/s) for open 
countryside and for noise sensitive land use respectively. 

In the Netherlands the noise from wind turbines is evaluated with the aid of the noise indicator Lden 
based on the average noise emission, from local wind conditions. The same limit is applied no matter 
what is the area type, but the Lden must comply with a limit of 47 dB by day and 41 dB by night.  

In Germany wind turbines obtain the same treatment as other technical installations. At night noise 
in pure residential areas has not to exceed 35 dB(A) , 40 dB(A) in small urban areas, 45dB(A) in 
villages and mixed areas. The noise limits concern the cumulative noise of all the business activities. 
The Directive includes requirements about the quality of calculation, as uncertainties in determining 
sound power and of the transmission model. 

In Belgium, with differences between Flanders and Wallonia, there is an extensive differentiation 
of noise limits for each destination area. Calculations are based on the noise level at 95% of wind 
turbine reference rated power.  

Noise limits are regulated by specific noise metrics in order not to jeopardize the quality of life in 
nearby local communities. Looking also at United States the A weighted equivalent sound level is the 
most common metric but also statistical noise metrics and possible tonal issues associated with wind 
turbines are considered [7]. 

3. SOUNDS AND INFRASOUNDS FROM WIND TURBINES 
 

Low frequency noise, usually known as infrasound, can become particularly bothersome and has to 
be regarded with special attention [8-10]. In the early stage of a wind farm design the noise given off 
by wind turbines must be predicted accurately and compared with the limits by law enacted.  

In several European countries special laws or legal requirements have been adopted to impose noise 
limits and evaluation methods for the assessment of environmental noise due to this type of sound 
sources. Other countries are now lacking specific rules about this problem but in the authorization 
procedure for wind farm planning such analysis is required by environmental control agencies.  

Here the calculation procedure, reported in UNI ISO 9613 part 2 [11,12], is analyzed and extended 
to the spectrum range above quoted. At the same time the predictive calculation procedure recently 
issued in Danish legislation about such a subject is analyzed and a comparison between the procedures, 
for the prediction of the acoustic impact of the low frequency noise produced by WECS, has been 
discussed with reference to a wind farm project in Sardinia, Italy [10].  

Sounds are usually defined in terms of spectral components. Sounds in the frequency range 
between 20 Hz and 20 kHz are those which are typically audible by human beings: they are named 
sound waves that fall in the audible frequency range. Sounds with a frequency below the lower limit of 
the above range are called infrasounds, however infrasounds become perceivable as the sound pressure 
level becomes high [13]. 

The Italian legislation on noise pollution, until 1995, was based on the Ministerial Decree, March 
1st 1991, stating the maximum levels of noise exposure in the living environment. With the enactment 
of Law 447/95 the fundamental principles are defined for the safeguard of external living environment 
from noise pollution, referring to several decrees for the completion of the regulatory framework. As 
infrasounds are concerned no reference law is currently providing limits for impacts of this physical 
phenomenon. Most of the present rules in acoustics treat and dictate procedures for the normal field of 
hearing spectrum (20Hz-20kHz). Other standards reduce the range of evaluation frequencies to third 
octave bands with the central frequency ranging from 100 Hz to 3150 Hz. 

The decree of 16/03/98 from Ministry of the Environment deals with the techniques for detecting 
and measuring noise pollution by defining various environmental noise indicators and applying the 
minimum requirements with which measuring instruments must comply to ensure measurements 
validity.  

Searching for details concerning low frequency noise, in paragraph 11 of Annex B to the Decree the 
LFN treatment is dealt with: "Presence of spectral components in the low frequency range: if the 
frequency analysis, carried out in the manner referred to in the previous point, detects the presence of 
Tonal Components such as to enable the application of the correction factor KT in the range of 
frequencies between 20 Hz and 200 Hz, also the correction KB ,as defined in paragraph 15 of Annex A, 
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is applied but only in the night reference time ". 
From what reported in this annex of the MD above mentioned, it appears that the same decree takes 

into account the low frequencies in the range between 20Hz and 200Hz, exclusively for any present 
tonal component. The MD says nothing except what is reported above, on how to estimate the noise in 
the whole frequency range of 20-200Hz. The survey and estimation methods of the various indicators 
included in the MD must comply with what is covered in the section 7 of the said Annex B: “The 
measurements have to be performed in the absence of rainfall, fog and / or snow; the wind speed has to 
be not greater than 5 m/s. The microphone must be equipped with windshield. The chain of measures 
must be compatible with the weather conditions of the period when  measurements are carried out and 
in any case in accordance with CEI 29-10 (Italian norm) and EN 60804/1994".  

From that it can be observed that such survey methods are not applicable whenever the wind speed 
is greater than 5 m s, which is contrary to the normal operation of a wind turbine which operates in 
nominal conditions with wind rated speeds of 12-15 m/s, even though the wind speed at the rotor hub 
is different from that at measurement site. The cut in speed of the wind enabling the wind turbine to 
start operation and generation of power for large size turbines as those concerned, ranges on average 
from 4 to 6 m/s. 

Other European countries have established somewhat different LFN regulations. Sweden has 
designed maximum LFN levels for each octave band and has incorporated them into 1999 indoor 
building regulations with established LAeq values for every frequency. German national standard DIN 
45680 adopted in 2002 has been already quoted [14], its values are based on a 1/3 octave band levels 
on the range of 10 to 100 Hz; the night time and daytime limits corresponds to the 50% of auditory 
threshold.  

Noise from wind turbines in Denmark has been regulated by a Statutory Order since 1991 by setting 
fixed limits for the total noise level from all wind turbines [15]. The results of field measurements in 
Denmark confirm the that the spectrum of wind turbine noise moves down in frequency as the turbine 
size increases. The relative amount of the noise emitted in the low-frequency range is higher for large 
turbines (2.3–3.6 MW) than for small turbines (<2 MW). The difference is statistically significant in 
the frequency range below 250 Hz[13]. 

Revised in 2006 and later in 2011, a draft of the Statutory Order was subject of a public consultation 
and put into force by the Minister. Subsequently Denmark enacted a law entitled "Statutory Order on 
Noise from Wind Turbines" [16]. Such a standard deals with installation, modification and operation 
of wind farms. Point 8 of section 2 of this legislation, reads: “Low-frequency noise: Noise in the 
frequency range from 10 to 160 Hz. Low-frequency noise is characterized by the A-weighted level of 
noise in one-third octave bands from 10 up to and including 160 Hz, calculated indoors using the 
method set out in Annex 1”.It deals with, the assessment of low frequency noise, more precisely sets a 
range of frequencies of interest between 10Hz and 160Hz. Finally, it refers to Annex 1 where, in Part 
I point 1.4, a method of calculation, is shown.  

 
 The method of calculation for the propagation of low frequency noise, proposed in the Danish 

norm, is based on the following equation including various contributions: 

agLFrefW AALFp LLLhlLL 11log10 22
,,  (3) 

where: 
l is the distance from the wind turbine base to the calculation point; 
h height of wind turbine hub 

11 dB is a correction due to distance, i.e 10 log 4π; 
ΔLgLF is the correction for the sound attenuation due to ground effects in the low frequency range;  
ΔLσ is the correction due to sound insulation in the low frequency range; 
ΔLa is the correction due to air absorption  ( 22 hl )  

 
1/3 octave fc 10 12,5 16 20 25 31,5 40 50 63 80 100 125 160 

ΔLgLF: onshore(dB) 6 6 5,8 5,6 5,4 5,2 5 4,7 4,3 3,7 3 1,8 0 

ΔLgLF: offshor.(dB) 6 6 6 6 6 5,9 5,9 5,8 5,7 5,5 5,2 4,7 4 

ΔLσ: (dB) 4,9 5,9 4,6 6,6 8,4 10,8 11,4 13 16,6 19,7 21,2 20,2 21,2 
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αa in dB/km 0 0 0 0 0,02 0,03 0,05 0,07 0,11 0,17 0,26 0,38 0,55 
 
It is necessary to specify that the third is term ΔLσ, due to the sound insulation provided with the 

building envelope at low frequencies, has been defined with reference to the Danish standard 
constructive methodology which differs in a significant way from the national (Italian) standard 
construction type. 

 
The Danish indoor evening/night limit for LpALF in dwellings is at 20 dB  and it does not apply to 

measurements in single positions but to levels measured by the method which uses the power average 
of measurements in three positions: one position near a corner of the room and two positions where the 
complainant perceives the noise as the loudest.  

4. CONCLUSIONS 
 
The regulations concerning limits to wind turbine noise are not the same in the various countries 

and to compare them is of a certain interest to better understand their rationale. Low frequency noise 
lacks usually a specific processing even though it got attention from stakeholders and from a medical 
point of view. The procedure of calculating low frequency noise levels according to Italian and Danish 
standard has been considered as a significant part in the development of the design of a wind farm, 
characterized by individual wind turbines with increasing size.  
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Abstract
The global expansion of wind farm facilities has been associated with community complaints regarding sleep
disturbance. This may be related to the presence of amplitude modulation (AM) in wind turbine noise (WTN),
which has been shown to result in increased annoyance. However, at present, it is unknown whether acceptability
for sleep is judged differently to annoyance or if AM may be more problematic for sleep than other noise
types. Previous studies have also focused predominantly on ‘swish’ noise rather than tonal AM, where the
latter has been more consistently measured at several wind farms in South Australia at distances greater than
1 km. Therefore, this study investigated the perceived sleep acceptability of WTN containing low-frequency
tonal AM through listening tests involving 13 participants. A total of 13 noise stimuli were synthesised based
on real recordings of WTN. The tonal audibility and AM depth were varied within a range relevant to the
AM depth measured in field recordings. Participant responses were highly variable, but in self-reported noise-
sensitive individuals, an increase in the AM depth at a tonal audibility of 12 dB(A) was associated with lower
acceptability for sleep.
Keywords: wind farm noise, low-frequency noise, amplitude modulation, tonal noise, sleep

1 INTRODUCTION
Several important characteristics of wind turbine noise (WTN) account for its potential to disturb humans. These
include the dominance of low-frequency components, which have the potential to disturb rest and sleep at
relatively low noise levels [1]. Also, the time-varying nature of the noise results in annoying characteristics
such as ‘swish’, ‘thumping’ and/or ‘rumbling’ [2][3][4]. Moreover, disturbance can arise due the large contrast
between operational and ambient conditions, particularly at night-time, in the normally quiet rural environments
where wind farms are usually located in Australia [5].
Previous listening tests have investigated the effect of various WTN components on annoyance. The main focus
of these studies has been on signals measured less than 1 km from a wind farm [6][7][8][9], where the noise is
dominated by mid-frequency energy. These studies have shown that annoyance ratings increase in response to
an increase in sound pressure level (SPL) [10], AM depth [6][7][8][9] and tonal audibility [11]. Listening tests
using synthesised WTN based on measurements taken between 100 m and 1 km showed that low-frequency
components less than 63 Hz have minimal effect on perceived loudness [8]. However, these results may not
extrapolate to all WTN measured at distances greater than 1 km, where the spectrum is dominated by low-
frequency energy. One key reason may be that for a specific change in low-frequency content to have an
equivalent effect on subjective annoyance as the same change in mid- and high-frequency content, a difference
of at least 30 dB between the low-frequency and the mid/high-frequency content is necessary [12]. Another
reason may be that the results obtained by Yokoyama et al. [8] are only applicable to steady signals and are
not representative of WTN containing low-frequency tones and AM.
Results of listening tests investigating other sources of low-frequency noise are also relevant to the study of
WTN, particularly where special audible components such as tonality and AM are present. Persson-Waye et al.
[13] found that low-frequency amplitude modulated tonal noise can adversely affect performance of tasks in-
volving sustained attention and awareness over 30 minutes. However, the noise samples were based on low-
frequency ventilation noise containing a tone in the 31.5 Hz 1/3-octave band, which is at least 20 dB higher
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than tones at the same frequency measured outdoors near a wind farm [14]. Also, the modulation frequency was
2 Hz, which is higher than typical values associated with large modern wind turbines with capacities greater
than 2 MW (< 1 Hz). In another study, Persson-Waye et al. [15] observed that compared to a reference night
with no exposure to noise, participants took nearly twice as long to fall asleep when exposed to low-frequency
ventilation noise. The low-frequency ventilation noise investigated included a tone at 50 Hz, which was ampli-
tude modulated at 2 Hz. Similarly to the study by Persson-Waye et al [13], the amplitude of the tone was at
least 10 dB higher than tonal WTN measured outdoors in this 1/3-octave band and the modulation frequency
was higher than that associated with WTN [5]. According to listening tests carried out by Oliva et al. [16],
penalties for tonality are not required for low-frequency tones at 50 Hz and 110 Hz with tonal audibilities
ranging from 5 to 25 dB(A). However, these results may have been influenced by the short sample time of
15 s, which may not have been long enough to capture the extent of annoyance. This may take longer and
importantly depend on variable human factors such as attention, concentration, irritability and situational factors
at the time. Moreover, results may differ through use of a representative WTN background spectrum rather than
a spectrum based on the inverse A-weighting curve.
The majority of studies to date regarding WTN annoyance have investigated relatively short-range noise types
dominated by ‘swish’. However, in an Australian context, low-frequency ‘thumping’ or ‘rumbling’ noise appears
to be a more significant complaint. This study investigates the human response to this ‘thumping’ or ‘rumbling’
noise that has been mentioned in complaints from residents. A study by the South Australian Environmental
Protection Agency in 2013 found that 14 out of 15 residents living at various distances up to 8 km from
the Waterloo wind farm (a target of frequent noise complaints in Australia) complained of ‘thumping’ and/or
‘rumbling’. The majority of residents (9 out of 15) also complained about sleep disturbance as a result of
exposure to WTN. Their responses were documented in noise diaries that were collected over several weeks.
The aim of the present study was to identify which signal characteristics in WTN are deemed more or less
acceptable for sleep. This was done through listening tests in a laboratory setting with a sample of WTN-
naive individuals that were recruited from the Adelaide Institute for Sleep Health (AISH). The focus was on
a low-frequency (≈ 50 Hz), amplitude-modulated (AM) tone, that has been consistently measured at a number
of residences located near the Waterloo wind farm [5]. Various combinations of tonal audibility and AM depth
were included in the listening test and participants evaluated the acceptability for sleep of each noise sample.
A secondary aim was to determine the minimum sample length required for future tests by monitoring when
participants stopped adjusting the SPL.

2 METHODOLOGY
2.1 Participants
A total of 13 participants, aged between 21 and 46, took part in the listening tests. As this was a Pilot test,
the participants were employees and students at AISH, none of whom have lived near a wind farm. All par-
ticipants completed the 21-question Weinstein noise-sensitivity scale (WNSS) test [17]. The WNSS focuses on
general environmental noise rather than WTN specifically. This study was approved by the Flinders University
Social and Behavioural Research Ethics Committee (SBREC project 7536). All participants provided voluntary
informed written consent.

2.2 Testing room and instrumentation
Experiments were conducted in a bedroom located in the AISH Nick Antic Sleep Laboratory. The background
SPL of the room is 22 dB(A). Participants were instructed to lie flat on a bed and to relax while they were
presented with a total of 13 stimuli. The stimuli were 5-minutes long and were played via Bose Quiet Comfort
II headphones. Headphones were used to enable faithful reproduction of the signals and to minimise ventilation-
noise contamination at low frequencies. The noise signals were created with MATLAB and reproduced via an
RME Babyface Pro sound card, which has a flat frequency response, within 0.5 dB, from 0 Hz – 20.8 kHz.
The headphones were calibrated using the HEAD acoustics HMS III artificial head and the frequency content
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adjusted to match the original signal.

2.3 Stimulus design
Synthesised signals were used instead of measured WTN because real signals with various combinations of tonal
audibility and AM depth contain different levels and types of background noise, which cannot be standardised.
The synthesised signals all contained the same background noise spectrum but the signal-to-noise ratio varied
depending on the required tonal audibility.
For the purposes of signal synthesis, WTN with tonal AM was assumed to contain a combination of background
noise (BGN) and amplitude modulated (AM) noise, as follows:

WTNAM = β × (pAM(t)+α ×BGN) , (1)

where the overall SPL is controlled by adjusting β , and the signal-to-noise ratio of the tonal AM, and hence
tonal audibility, depends on the value of α .
The BGN spectrum was designed to be representative of WTN measured at a distance of 2.5 km from the
Waterloo wind farm, during conditions when WTN was observed to be dominant. The synthesis method is
based on the approach described by Lee et al [6]. Briefly, the real WTN was transformed to the frequency
domain and a moving average filter was applied to extract the general WTN spectrum. The general WTN
spectrum was then multiplied with white noise and the resultant signal was transformed back into the time
domain using an Inverse Fast Fourier Transform (IFFT).
To synthesise wind turbine AM, a sine wave was used as the modulating signal. For a single-frequency tone,
the sound pressure as a function of time that is experienced when the tonal sound of frequency, f , is modulated
with a frequency, fm, is given by,

pAM(t) = A(1+µm(t))cos(2π f t +φ) (2)

where µ is defined as the modulation index [3], φ is an arbitrary phase angle that was set equal to zero. The
modulation function, m(t), can be represented as a simple cosine function as,

m(t) = cos(2π fmt +φm) (3)

where φm is an arbitrary phase angle that was set equal to zero. The quantity, A is the time averaged value of
the amplitude of the signal being modulated and was set equal to 1.
The tonal audibility of the noise samples was calculated using the method outlined in IEC 61400-11 [18] and
the parameter α , and hence masking SPL, was adjusted to give the required tonal audibility. The AM depth
was calculated using the IOA ‘reference method’ [19] and the parameter, µ , was varied to give the required
AM depth.

2.4 Experimental procedure
The listening test was designed using pre-recorded audio instructions and an inter-stimulus alarm that was kept
constant for each participant to minimise possible biases. A representation of the test procedure is provided in
Figure 1(a). The noise samples were presented in random order to account for systematic error associated with
carry-over effects and sensitisation/de-sensitisation to noise. Each participant underwent a practice test to ensure
familiarity with the testing procedures and requirements. The experimenter remained in the room for this phase
of the test to answer any questions from participants.
Participants were instructed to lie on a bed and relax for the duration of the test. Lights were turned down
to less than 1 lux when the experimenter exited the bedroom and the experimental trial formally commenced.
They wore Bose Quiet Comfort II headphones and the Active Noise Control (ANC) feature was switched on to
minimise background noise contamination. They were provided with a physical volume control knob that was
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used to adjust the SPL of noise to the maximum level the participant considered would be acceptable for sleep.
The test arrangement is depicted in Figure 1(b). Visual volume cues were not displayed on the control knob,
thus adjustment relied solely on auditory input from headphones.
A total of 13 noise samples were presented at various combinations of tonal audibility and AM depth for the
50 Hz tone under investigation, as shown in Figure 1(c) with sample s0 representing the baseline. The total test
time was approximately 70 minutes, including instructions.
For each participant, the noise presentation began at a relatively high level of 50 dB(A), with the intention that
the majority of participants would wish to reduce the SPL for sleep acceptability (rather than possible non-
adjustment if the initial SPL were too low). The SPL adjustment was recorded using the sound card software,
which provides a loopback function. This allowed real-time signal information to be sent to MATLAB for later
post-processing. Participants could adjust the SPL between a minimum of no noise signal and a maximum SPL
of 70 dB(A).
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Figure 1. Experimental set-up

3 RESULTS AND DISCUSSION
3.1 Adjustment time for WTN acceptability for sleep
Most participants (85%) reduced the SPL from 50 dB(A) to achieve a level they considered acceptable for
trying to fall sleep. A typical plot of the SPL adjustment versus time for a single participant, in response to
all 13 samples, is shown in Figure 2(a). A similar plot was constructed for each of the 13 participants and
the final mean adjustment time was found by identifying the time at which the adjustment was less than 1 dB
over 5 seconds. This was determined by starting from the maximum sample time of 5-minutes and working
backwards. The probability density function (PDF) shown in Figure 2(b), which is constructed based on 169
adjustment times recorded for all samples/participants, indicates that most participants were satisfied with their
adjustment after 5 seconds but some participants were still making adjustments up to 280 seconds into the noise
samples. Therefore, a cumulative distribution function (CDF) was used to find an adjustment time that would
be satisfactory for 95% of time, which is 210 seconds, as shown in Figure 2(b). However, closer inspection
of the plot indicates that as the slope of the CDF is very small, the sample length could be reduced to 180
seconds and participants would still be satisfied for 94% of the time. Therefore, we propose that an adjustment
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time of 180 seconds is reasonable for future listening tests involving similar noise samples.
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Figure 2. (a) Mean and standard deviation of the sound pressure level (SPL) adjustment as a function of
time. (b) Probability density function (PDF) and cumulative distribution function (CDF) of time taken for final
adjustment for all samples/participants. The black dot represents the adjustment time that would be satisfactory
for 95% of time.

3.2 Noise sensitivity
Each participant’s sensitivity to noise was calculated based on the WNSS. From the survey, a sensitivity score
ranging from 1 and 105 is obtained, where a higher score denotes higher sensitivity to noise. The sensitivity
scores are displayed in Figure 3(a), which shows the distribution of noise sensitivity scores, which followed a
normal distribution. In order to test for noise sensitivity effects, the group was arbitrarily divided at the group
mean into higher versus lower noise-sensitive groups.
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Figure 3. (a) Noise sensitivity scores and associated normal distribution and classification of noise-sensitive or
insensitive groups. (b) Relationship between overall acceptable SPL for sleep and the WNSS. A linear regression
fit is shown using the solid black line and the 95% confidence interval is indicated by the grey shaded region.
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Figure 3(b) shows a strong and statistically significant inverse relationship between the final SPL adjustment
and the noise sensitivity score, and indicates that the overall acceptable SPL for sleep varies by over 20 dB(A)
between participants.

3.3 Sleep acceptability of an AM tone
The relationship between tonal audibility, AM depth and SPL difference is shown in Figure 4. The y-axis values
represent the difference between the final SPL adjustment for the baseline noise sample and samples with tonal
AM. A negative value indicates that a penalty may be necessary to ensure that WTN is acceptable for sleep.
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Figure 4. Final SPL adjustment relative to the baseline for (a) noise-sensitive participants, n = 5 and (b) noise-
insensitive participants, n = 8.

A clear trend between tonal audibility and AM depth is evident for cases where the tonal audibility was
12 dB(A) and participants were noise-sensitive. The results are consistent with previous studies showing an
increased annoyance with increased AM depth [6][7][8][9]. This finding is applicable to around 40% of the
sample and suggests that a penalty of up to 5 dB(A) may be required, depending on the AM depth. Further
analysis indicated that 62% of the sample reduced the SPL below 40 dB(A) when the tonal audibility and AM
depth were 12 dB(A) and 12 dB, respectively. This supports the possible requirement of a penalty for a South
Australian wind farm, as the allowable SPL limit is 40 dB(A) [20]. The small sample size is a limitation of
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this study and studies on larger sample sizes are warranted given these encouraging preliminary results.
The 50 Hz tone had minimal impact on sleep acceptability for all values of tonal audibility in the absence of
AM. This finding is similar to the work of Oliva et al [16], who showed that no penalty is be required for
low-frequency tonal noise at 50 Hz with tonal audibility between 5 and 25 dB(A). In fact, these researchers
found a statistically significant negative penalty value for a tonal frequency of 50 Hz and tonal audibility of
18 dB(A), when the overall LAeq was 25 dB(A). This suggests a reduction in annoyance at low SPLs in the
presence of a low-frequency 50 Hz tone. In the present study, some participants found WTN more acceptable
for sleep when a 50 Hz tone was present, even when it was amplitude modulated. However, this may be related
to the choice of baseline noise sample for which the spectrum shape was based on real WTN. Perhaps a better
choice of baseline noise sample would be one that is based on a room criteria (RC) spectrum shape, which is
less objectionable [21]. This is particularly true if a penalty is not applied for the presence of low-frequency
WTN.

4 CONCLUSIONS
This study shows that the perceived acceptable level of WTN for sleep varies between individuals and is in-
versely proportional with self-declared noise sensitivity. Noise-sensitive individuals judged WTN containing
tonal AM to be less acceptable for sleep when the tonal audibility was 12 dB(A). For the worst-case noise
stimulus, which contained a 50 Hz tone with tonal audibility of 12 dB(A) and an AM depth of 12 dB(A), a
penalty in the order of 5 dB(A) may be required.
A further aim was to determine an appropriate sample exposure duration to investigate acceptability for sleep.
Although it was demonstrated that the majority of participants were satisfied with their adjustment time after 5
seconds, it was also evident that some participants needed more time. Thus, a stimulus time of 3 minutes may
be a good conservative choice for future experiments given that this satisfied the study sample for 94% of the
time.
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ABSTRACT 
 We investigated whether long-term exposure to wind turbine noise (WTN) including low-frequency noise 
generated by wind power facilities is a risk factor of sleep disorders. We performed an epidemiological study 
of living environment and health effects, surveying 9,000 residents (≥20 years) living in areas with 
operational wind power facilities. Sleep disorders were assessed using the Athens Insomnia Scale. To assess 
environmental noise in residential areas near the wind turbines, low-frequency sound exposure levels were 
measured at 50 community centers of the town. Multiple logistic regression analysis was used for evaluation 
of a risk factor for several noise exposure indices. Significant relationships between the distance from the 
nearest WT to dwellings and hearing, annoyance, sleep disorders were observed. By multiple logistic 
analysis the prevalence rate of sleep disorders was significantly higher for residents who reported 
subjectively hearing noise being than for those who did not. Moreover, the reported prevalence rate of sleep 
disorders was significantly higher in residents living at a distance of ≤1,500 m from the nearest wind turbine 
compared to that for residents living at a distance ≥2,000 m. The attitudes of residents towards wind power 
facilities and sensitivity to noise strongly affected their responses regarding sleep disorder prevalence. 
 
Keywords: audible noise, epidemiology, infrasound, low-frequency noise, sleep disorder, wind turbine noise 

1. INTRODUCTION 
The effect of the noise of wind power generation facilities on health is a growing concern. This is 

especially true regarding infrasound, defined as sound lower in frequency than 20 Hz. Plans for new 
wind power generation facilities have had to be changed in some cases in Japan due to the health 
concerns of local residents. 

Multiple cross-sectional epidemiological studies have shown a strong relationship between 
annoyance and living in close proximity to wind turbines. It has been reported that individual factors 
such as the visual impact of wind turbines, attitudes towards wind turbine installation, and economic 
benefits are more strongly related to the presence or absence of annoyance than the actual noise of 
wind turbines (1).  

Other studies have reported that rather than focusing on the noise of wind turbines, more attention 
should be paid to cofounding factors such as attitudes toward wind power generation, impact on 
scenic views, economic benefits, visibility of wind turbines, sensitivity to sound, and concerns about 
health (2). 

Previous epidemiological studies have frequently reported that audible noise generated by wind 
turbines is significantly associated with annoyance and sleep disorder (3, 4). On the other hand, no 
clear relationship has been reported thus far between infrasound and effects on health  (5). 
Furthermore, most epidemiological studies have used a cross-sectional design, and therefore cannot 
confirm a causal relationship between wind turbine noise and health effects.  

The present cross-sectional epidemiological study targeted local residents in Japan where wind 
power generation facilities were already active, and sought to determine how exposure to infrasound 
and noise from these facilities in Japan affects health, specifically the presence of a sleep disorder.  
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2. METHODS 
The target area is Nagashima-cho, Izumi-gun on Nagashima Island, located in the northern part of 

Kagoshima prefecture. Its population is 10,400. The island is longer in the north-south direction, 
with an area of approximately 110 km2. The middle of the island is mountainous, and ports are 
located around the island perimeter. Wind power generation facilities (output 2.4 MW x 21 stations, 
wind speed rate 12.5 m/s) were introduced in August 2008, in the middle of the island. Most 
residences are located at least 1 km from the closest wind turbine, and there are no r esidences within 
500 m of a wind turbine.  

We conducted this survey by distributing a questionnaire to residents of Nagashima-cho aged 20 
years and older (approximately 9,000 people) in December 2014. The survey was distributed to each 
household via a circulation board, a traditional method of disseminating information in Japanese 
neighborhoods, in cooperation with 57 directors of public city halls (local cultural centers, one in 
each school district, providing recreation and learning for local residents). Participants returned the 
questionnaire using a prepaid return envelope.  

The questionnaire contained items addressing family structure, family residence, living 
arrangement, lifestyle, social and economic factors, health conditions, level of annoyance wit h wind 
turbine noise, attitude towards installation of wind power generation facilities and reaction to their 
visual impact, as well as basic personal attributes (gender, age, height and weight). The presence of a 
sleep disorder was evaluated using the Athens Insomnia Scale (AIS) (Japanese version). The AIS 
was developed in 2000 by the World Health organization (WHO) based on the 10 th version of the 
International Statistical Classification of Diseases and Related Health Problems (ICD -10), and its 
Japanese version was created in 2013. The first five items of the questionnaire pertain to difficulty in 
sleep induction, awaking during the night, early morning awakening, sleep duration and quality of 
sleep. The remaining three items consist of questions related to sleepiness, sense of well-being and 
the level of active functioning during the day. Each response uses a 4-point Likert-type scale (0 = no 
problem, 1 = minor problem, 3 = considerable problem, 4 = serious problem), and the total is 
calculated (range 0–32). A score of more than 6 points indicates the presence of a sleep disorder.  

The distance from each household residence to the nearest wind turbine was defined using a 
proxy, namely the distance from the wind turbine to the public city hall of the school district in 
which the residence was located. The relationship between sleep disorders and noise was reviewed 
using the following four noise-related indicators: 1) whether or not the noise was consciously 
audible, 2) horizontal distance from the wind turbine to the district public city hall, 3) wind turbine 
noise at night (the A-weighted equivalent sound level (LAeq)) and 4) difference between wind turbine 
noise and background noise.  

A summary of the measurement method is as follows. Research was conducted to determine the 
infrasound/noise attenuation curve over distance from the wind power generation facility. A 
broadband sound pressure level meter was used to measure the level of infrasound and noise at the 
public city hall of each school district. Since the measurement of infrasound is easily affected by 
wind, we covered a microphone with a two-layer wind-proof screen. Assessment of infrasound/noise 
exposure levels at the public city halls was conducted for 24 consecutive hours once per season in 
2014, at 72 locations; these locations were inside 47 public city hal ls among 57 public city 
halls/meeting facilities in Nagashima-cho, mainly located in the center of the island. The A-weighted 
equivalent continuous sound level LAeq,10min was calculated based on each hour of infrasound/noise 
was detected from the wind power generation facilities, then the mean energy was derived from the 
entire time range and the wind turbine A-weighted equivalent continuous sound level LAeq,WTN was 
calculated at each measurement point. Regarding the total noise, the A-weighted equivalent 
continuous sound level for every hour and the sound pressure level of noise changes over time were 
calculated, then the sound pressure levels during daytime (6:00 to 22:00) and nighttime (22:00 to 
6:00) were derived using the arithmetic mean for the percentile sound pressure levels and the mean 
energy for the A-weighted equivalent continuous sound levels.  

Statistical analysis used the chi-squared test and multiple logistic regression analysis. Three 
models were evaluated using multiple logistic regression analysis: model 1, adjusted by gender and 
age; model 2, adjusted by the variables in model 1 as well as by three social factors, namely shift 
work, income and marital status; and model 3, adjusted by the variables in model 2 as well as by the 
attitude towards the visual impact of the wind turbines and the current attitude toward the original 
wind turbine installation. The distance from the residence to the wind turbine was divided into five 
categories: less than 1,000 m; between 1,000 and 1,500 m; between 1,500 and 2,000 m; between 
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2,000 and 5,000 m; and 5,000 m and above. There were 2,593 responses to the survey (collection 
rate 28.3%). Of these, 401 were disqualified due to missing gender or age (75 responses), missing 
city hall district (29 responses), and age 80 years old or older (287 responses). The final number of 
qualified survey responses was 2,192. 

3. RESULTS 

3.1 Participants characteristics and living arrangements 
  Table 1 shows the participants characteristics and living arrangements. The mean age was 58.1 
years, and the gender ratio of males to females was 1.06. Regarding the most common living 
arrangements, 90.2% of participants lived with family and 82.3% had lived in the same residence for 
10 years or more. The rates of smoking and drinking on an almost daily basis were 17.8% and 33.5%, 
respectively, with a significant difference between males and females. Approximately 40% agreed 
that “the wind turbine is visible from home,” and approximately 15% agreed that “the sound of the 
wind turbine is audible from home.” The mean distance from the closest wind turbine to each public 
city hall was approximately 3,000 m, and the minimum distance was 730 m. The mode of the 
distance category was 2,000 to 5,000 m, accounting for 56% of responses. The mode of the nighttime 
wind turbine noise level category was 20-50 dB. 

 

3.2 Relationship between audible noise and distance to wind turbine and prevalence of 
sleep disorders  
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Figure 1 shows the proportion of participants who reported hearing the sound of wind power 
generation facilities at home, categorized by distance from their public city hall to the nearest wind 
turbine. For distances less than 1,000 m, 63% reported that the noise was audible, and this 
percentage decreased significantly with increasing distance. Even at distances of 5,000 m and over, 
2% of respondents stated that the turbines were audible. Sleep disorder (AIS ≥ 6 points) was present 
in 26% (528 people) of participants, but this percentage was approximately 40% in those whose 
homes were less than 1,000 m from a wind turbine (Fig. 2). The frequency of sleep disorder 
decreased to 22% at a distance of 2000 m to 5000 m, but then increased to 30% at a distance of 5,000 
and over. There was a statistically significant relationship between distance and sleep disorder 
frequency (p < .001). 

 
 

 
 

3.3 Multiple logistic regression analysis 
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Multiple logistic regression analyses were performed with the presence of a sleep disorder as an  
independent variable, and the wind turbine noise indicator was modeled considering the following 
dependent variables: 1) whether or not wind turbine noise was consciously audible, 2) distance from 
the resident’s public city hall to the wind turbine, 3) nighttime wind turbine noise (LAeq) and 4) 
difference between wind turbine noise and background noise. The results of this analysis are shown 
in Tables 2 to 5. In every model, participants who agreed that “wind turbine noise is consciously 
audible” had approximately twice the odds of having a sleep disorder as those who responded 
negatively, and this difference was statistically significant (Table 2). As for the impact of distance to 
the wind turbine, residents who lived within 1,500 m were approximately twice as likely to have a 
sleep disorder as those who lived at least 2,000 m away, indicating a statistically significant 
difference (Table 3). In terms of exposure to nighttime wind turbine noise (LAeq), those exposed to 35 
dB or more had a 1.5-fold higher likelihood of having a sleep disorder than those exposed to the 
typical level of 20–25 dB, again a statistically significant difference (Table 4). Finally, regarding the 
difference between wind turbine noise and background noise, participants exposed to  a difference of 
5 dB or more had an approximately 1.6-fold higher likelihood of having a sleep disorder than those 
exposed to a difference of less than 5 dB, indicating a statistically significant impact (Table 5).  
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4. DISCUSSION 
This epidemiologic study suggested that audible noise (frequency of 20 Hz or over) that is 

produced by wind power generation facilities can be a risk factor for sleep disorder when the 
residential environment is characterized by any of the following: 1) wind turbine sound is  
consciously audible, 2) residence is close to a wind turbine (within 1,500 m), 3) nighttime wind 
turbine noise (LAeq) is 35 dB or higher and 4) difference between nighttime wind turbine noise and 
background noise is 5 dB or more. The results of multiple logistic regression analysis showed that 
the odds ratio of sleep disorder were significantly increased in these cases. This study used a 
nighttime wind turbine noise (LAeq) level of 35 dB and over since this level matched the cut-off value 
for annoyance and sleep disorder reported by Schmidt et al (6). This same value is used in wind 
turbine noise standard guidelines worldwide, including in Sweden and New Zealand  (7). Japan 
previously had no standards regarding wind turbine noise, but recently the Ministry of the 
Environment released an administrative notice indicating that the noise limit is 5 dB above the 
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background noise, but this standard is not used consistently across the country. The standard 
regarding the upper limit for nighttime wind turbine noise takes into consideration the characteristics 
of each area to make sure that no troubles arise in the living environment. The upper limit is set to 35 
dB in some areas (especially those requiring greater degrees of silence) while other areas have 40 dB 
as the limit (8).  

As for sleep disorder caused by infrasound, all wind turbine noise of 20 Hz or under that was 
measured in this study was below the human sensory threshold. The results are not shown, but in a 
sub analysis of participants who stated that wind turbine sound was inaudible (n = 1,813), the 
significant relationship between distance and sleep disorder disappeared, and thus the likelihood of a 
relationship between the two is low. Noise measurement results near wind power generation 
facilities across Japan showed that infrasound was not louder than other environmental noise. 
However, the amplitude modulation of sound and tonal components of noise generated from wind 
power generation facilities have a tendency to increase annoyance, and therefore further studies 
should evaluate their health effects. Jeffery et al.(3) also reported that even if infrasound from wind 
turbines does not exceed the human sensory threshold, it cannot be completely ignored since it may 
influence the vestibular system, and thus health effects other than sleep disorder also need to be 
reviewed.  

The visibility of wind turbines and attitudes towards scenic views were identified as cofounding  
factors in previous studies, but no statistically significant effects were found in this study. In the 
surveyed area, attitudes toward accepting wind power generation were favorable compared to the 
areas in previous studies; this may have influenced the outcome, and therefore analyses are needed 
that take into account the characteristics of each area. Of the cofounding factors considered in this 
study, “attitude towards wind power generation facilities (past, present)” was most strongly 
associated with sleep disorder, increasing its likelihood by approximately fivefold. Sub-analysis of 
participants with a favorable current attitude towards wind turbines (n = 879) showed that annoyance 
with wind turbine noise was significantly related to distance from the wind turbine (data not shown); 
however, there was no significant relationship between distance and sleep disorder, and therefore it 
seems important to determine how to build consensus prior to introducing new wind power 
generation facilities. The Ministry of the Environment created a report called “Dealing with noise 
generated from wind power generation facilities” that points out the importance of promoting 
communication between stakeholders.  

The limitations of this study are as follows. The collection rate of questionnaires was only 28.3%, 
which is low, and therefore although we confirmed that the overall population and a sample did not 
differ in the distribution of gender and age, the validity of the data remains to be verified. The 
distance from the nearest wind turbine was calculated from the location of the local public city hall 
to which each respondent belonged, rather than from each respondent’s actual residence. This may 
have led to inaccuracy regarding distance information. For the estimation of the  wind turbine 
A-weighted equivalent continuous sound level (LAeq), a distance attenuation curve <LAeq,WTN(d) = 
-20.9log10d + 87.9, where d is a distance (m)> was derived based on the measurements obtained at 
nine locations where wind power generation facilities were visible. These consisted of five locations 
in area A, with horizontal distances to the wind turbine from 337 m to 1,485 m, and four locations in 
area B, with distances from 944 m to 1,766 m. The validity of the estimation equation is not fully 
confirmed. Finally, this epidemiological research design was cross-sectional in nature, and therefore 
it cannot be used to determine any causal relationship between exposure to noise (cause) and health 
effects (result). Only the possibilities of such relationships can be identified. Longitudinal studies 
(cohort studies) involving wind turbine noise and health effects are rare worldwide, but these are 
necessary to prove causal relationships.  

In Japan, based on situations involving noise complaints, the Minis try of the Environment 
generally defines low-frequency noise as 100 Hz or lower. Internationally, the definition of 
low-frequency noise differs by country and no standard exists. The International Electro -technical 
Commission (IEC) standard 61400 series defines infrasound as 20 Hz or lower, and low-frequency 
noise as 20 to 100 Hz. In Japan, the Japan Industrial Standard (JIS) uses the same definition as the 
IEC. Japanese environmental assessment law defines noise (frequency 20 to 100 Hz) and infrasound 
(frequency 20 Hz and lower), and does not use the term “low-frequency noise.” Generally, in terms 
of wind turbine noise concerns, many residents worry about the health effects of so -called 
“low-frequency noise,” defined as 100 Hz and below, but they also do no t realize that low-frequency 
noise (infrasound) is inaudible. In the future, public awareness campaigns about the  proper usage of 
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the term “low-frequency noise” are necessary not only for researchers but also for business 
developers and local residents. These campaigns will increase mutual understanding and the sharing 
of measurement results, and promote the development of new strategies regarding wind turbine 
noise. 
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ABSTRACT 
The influence of low frequency components in noises including wind turbine noise has become a serious 
problem and various researches are being made in many countries. Also in Japan, synthetic study programs 
mainly targeted for wind turbine noise had been performed, in which field measurements, social survey on 
the response of nearby residents and laboratory experiments on audibility of low frequency sounds were 
conducted. In parallel to these studies, field measurements on general environmental noises including 
transportation noises inside and outside of various vehicles were performed by paying attention to low 
frequency components. As a result, it has been found that low frequency components are included not only in 
wind turbine noise but also in general environmental noises. The environmental sounds recorded on sites 
were reproduced by a test facility which can reproduce low frequency components including infrasound and 
auditory tests were performed. As a result, it has been found that the A-weighted sound pressure level is 
robustly applicable to the assessment of loudness for such kinds of environmental sounds and the low 
frequency components contained in wind turbine noise around residential area is not audible. 
 
Keywords: Low-frequency, Wind turbine noise, Loudness, Annoyance, auditory experiment 

1. INTRODUCTION 
To investigate wind turbine noise problem from a psycho-acoustical viewpoint, the authors have 

conducted several kinds of subjective tests focusing on the low frequency sound using WTN recorded 
on-site and electrically synthesized sounds [1-5]. In addition to WTNs, a variety of environmental 
noises such as ambient sounds in natural environments and urban residential areas, transportation 
noises inside and outside of various vehicles, machine noises, construction noises, etc. were also 
recorded including low frequency components down to 1 Hz. In order to investigate the method of 
assessing these general environmental noises including WTN uniformly, the authors have conducted 
an auditory experiment on loudness sensation by using an experimental facility which is capable of 
reproducing low frequency sounds including infrasound.  

2. EXPERIMENTAL FACILITY 
To investigate the effects of low-frequency components contained in various environmental noises 

including WTN, the experimental facility shown in Figs 1 and 2 was constructed at the Institute of 
Industrial Science, The University of Tokyo [1]. On the partition wall between the two rooms, 16 
woofers of 40 cm diameter (Fostex: FW405N) were installed to reproduce low-frequency sounds down 
to 4 Hz. In addition, a full-range loudspeaker of 20 cm diameter (Fostex: FE206En) was added at the 
center position of the woofers to cover the middle- and high-frequency sounds up to 16 kHz. The 
crossover frequency between the two loudspeaker systems was set at 224 Hz. The listening position 
was located 3.5 m from the center point of the loudspeaker system. To correct the frequency 
characteristic of the total reproduction system, the digital inverse -filtering technique was applied 
using a linear-phase FIR filter calculated from the trans-fer function from the input of the amplifier to 
the listening point measured in the frequency range from 4 Hz to 16 kHz in 1/12-octave-bands. 
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3. SUBJECTIVE EXPERIMENT ON LOUDNESS 
The most significant factor in the assessment of noise is loudness. In this study, therefore, a 

loudness test was conducted by using 38 different environmental sounds containing low frequency 
components down to infrasound and examined the correspondences between loudness and various 
noise indicators. 

3.1 Test Sounds 
As test sounds for this study, sounds in the natural environment, ambient sounds in residential areas, 

interior and exterior noises of transportation systems, and others shown in Table 1 were collected. All 
of these sounds can be regarded as stationary and contain no strong tonal components. To record these 
sounds, including low-frequency components down to infrasound, a wide-frequency-range sound level 
meter (prototype of RION: NL-62) that had a flat frequency response from 1 Hz to 20 kHz was used, 
and the sound pressure signals were recorded on an SD card installed in the sound level meter, using 
the recording function (48 kHz sampling, 16 bits, WAVE-format). To prevent wind-noise at the 
measurement microphone, a newly designed double-skin type wind-screen set [5] was put on the 
microphone when recordings outdoors. In addition to the 33 kinds of environmental sounds, an 
artificial noise with a frequency characteristic of -4 dB/octave in the band spectrum representing the 
general frequency characteristics of WTNs [5] was used and its level was varied in five steps of 35 dB, 
45 dB, 55 dB, 65 dB, and 75 dB in terms of A-weighted SPL. 1/3-octave-band SPLs of the 38 sounds 
used in this study are shown in Fig. 3. These data were measured when the respective test sounds were 
reproduced in the experimental facility mentioned below in the absence of the listener at the position 
where the center of the listener’s head would be. 

3.2 Test procedure 
Each of the test sound was edited to have a duration of 10 s and windowed to incorporate a 1.0 s 

ramp-up at the beginning and 1.0 s ramp-down at the end of the presentation in order to eliminate click 
sounds. 

The loudness test was conducted by applying the rating scale method using seven-step category. 
That is, each test sound was presented to the subject and he/she judged the loudness according to the 

Figure 1 – Plan view of the experimental 

Figure 2 – Interior of the receiving room. 
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seven-step category presented schematically in a panel (see Fig. 4), and orally gave his/her judgment 
using the integer shown in the panel. The 38 test sounds were presented in random order. One series 
of the test took about 30 minutes. To examine the repeatability of the subject’s judgments, the test 
was repeated twice for each subject. Between the two judgment tests, a short  break was taken to 
allow the subject to relax the subject. In this experiment, 20 subjects of the age range from 21 years 
to 25 years (18 males and 2 females) with otologically normal hearing ability  participated. This 
auditory experiment was performed in accordance with the ethical code of The University of Tokyo. 

 

Table 1 – Test sounds used in this study 

Categories No. Contents LAeq,10s  
[dB] 

Loudness score 

Average Std. Dev. 

(a) Environmental 
sounds 

1 Environmental sound in a forest 31 1.25  0.54  
2 Sound of soughing through pine trees 61 5.25  0.63  
3 Environmental sound on a seashore : A 61 5.08  0.57  
4 Environmental sound on a seashore : B 54 4.08  0.73  
5 Environmental noise in residential area : A 43 2.73  0.64  
6 Environmental noise in residential area : B 32 1.23  0.42  
7 Environmental noise in residential area : C 38 2.03  0.48  
8 Noise in an industrial estate 49 3.68  0.62  
9 Chirp of cicada in summer 54 4.25  0.78  

10 Chirp of insects in autumn  38 2.00  0.64  

(b) Transportation 
noises 

11 Railway noise 76 6.40  0.59  
12 Road traffic noise (distance: 22 m) 76 6.50  0.60  
13 Road traffic noise (distance: 85 m) 63 4.98  0.58  
14 Road traffic noise (distance: 85 m, in house) 43 2.83  0.68  
15 Aircraft noise 65 5.20  0.65  

(c) Cabin noises 

16 Cabin noise in a super-express train 68 5.80  0.46  
17 Cabin noise in a super-express train in a tunnel  71 6.18  0.38  
18 Cabin noise in a jet-plane A 73 5.98  0.36  
19 Cabin noise in a jet-plane B 81 6.95  0.22  
20 Cabin noise in a car running a highway  72 6.05  0.45  
21 Cabin noise in a conventional train 70 6.05  0.45  
22 Cabin noise in a conventional train running on a 

t l b id
70 6.05  0.50  

(d) Wind turbine 
noises 

23 Wind turbine noise  (near a wind turbine) 56 4.38  0.67  
24 Wind turbine noise (residential area: outside) 43 3.00  0.64  
25 Wind turbine noise (residential area: inside) 27 1.05  0.22  
26 Wind turbine noise (with insects’ sounds) 41 2.65  0.70  
27 Wind turbine noise (insects’ sounds were cut off) 37 1.85  0.62  

(e) Other 
environmental 
noises 

28 Air-conditioning equipment : A 40 2.13  0.56  
29 Air-conditioning equipment : B 61 5.15  0.53  
30 Air-conditioning equipment : C 66 5.25  0.54  
31 Structure-borne sound from a subway truck 45 2.95  0.71  
32 Concourse of a railway station 64 5.30  0.56  
33 Construction noise (Concrete breaker) 79 6.93  0.27  

(f) Artificial noise 
modeling WTN 

34 Synthesized noise with -4dB/octave : A 35 1.63  0.59  
35 Synthesized noise with -4dB/octave : B 45 3.18  0.59  
36 Synthesized noise with -4dB/octave : C 55 4.40  0.55  
37 Synthesized noise with -4dB/octave : D 65 5.75  0.54  
38 Synthesized noise with --4dB/octave : E 75 7.00  0.00  
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Figure 4 – Spectral characteristics of the test sounds used in this experiment 

 

3.3 Experimental Results 
After completing the loudness tests for the 20 subjects, the correlation between the results of the 

two tests was examined for each subject. As a result, the correlation coefficient ranged be-tween 0.93 
and 0.97; indicating that a consider-ably high repeatability was obtained for all of the subjects. 
Therefore, all of the experimental results of the twice-repeated tests for the 20 subjects were used in 
the data analysis dis-cussed below. 

To examine the equal-interval characteristic of the categories used in this experiment, the method 
of successive categories was applied, and a correlation coefficient of 0.99 was found between the 
original categories and those trans-formed into interval scale. Therefore, the arithmetic average of the 
category numbers given by all of the subjects was determined as the loud-ness score for respective test 
sounds as shown in Table 1. 

Next, the sound pressure measured at the listening position over 10 s (duration of each of the test 
sounds) shown in Fig. 4 was evaluated using the following six kinds of psycho-acoustical indicators. 
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(e) Wind turbine noises
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(f) Artificial noises modeling WTN
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(f) Artificial noises modeling WTN
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(b) Transportation noises

Frequency [Hz]
16k8k4k2k1k500250125631684 31.5 16k8k4k2k1k500250125631684 31.5

1/
3-

oc
ta

ve
-b

an
d 

so
un

d 
pr

es
su

re
 le

ve
l [

dB
] 100

90

80

70

60

50

40

30

20

10

0

100

90

80

70

60

50

40

30

20

10

0

11
1213

14 15

(b) Transportation noises

Frequency [Hz]
16k8k4k2k1k500250125631684 31.5

1/
3-

oc
ta

ve
-b

an
d 

so
un

d 
pr

es
su

re
 le

ve
l [

dB
] 100

90

80

70

60

50

40

30

20

10

0

18

19

16
17

22

20

21

(c) Cabin noises

Frequency [Hz]
16k8k4k2k1k500250125631684 31.5 16k8k4k2k1k500250125631684 31.5

1/
3-

oc
ta

ve
-b

an
d 

so
un

d 
pr

es
su

re
 le

ve
l [

dB
] 100

90

80

70

60

50

40

30

20

10

0

100

90

80

70

60

50

40

30

20

10

0

18

19

16
17

22

20

21

(c) Cabin noises

Frequency [Hz]
16k8k4k2k1k500250125631684 31.5

1/
3-

oc
ta

ve
-b

an
d 

so
un

d 
pr

es
su

re
 le

ve
l [

dB
] 100

90

80

70

60

50

40

30

20

10

0

23

24

25

26

27

28

(d) Other environmental noises

Frequency [Hz]
16k8k4k2k1k500250125631684 31.5 16k8k4k2k1k500250125631684 31.5

1/
3-

oc
ta

ve
-b

an
d 

so
un

d 
pr

es
su

re
 le

ve
l [

dB
] 100

90

80

70

60

50

40

30

20

10

0

100

90

80

70

60

50

40

30

20

10

0

23

24

25

26

27

28

(d) Other environmental noises

Frequency [Hz]
16k8k4k2k1k500250125631684 31.5

1/
3-

oc
ta

ve
-b

an
d 

so
un

d 
pr

es
su

re
 le

ve
l [

dB
] 100

90

80

70

60

50

40

30

20

10

0

29

30

31
32

33

(e) Wind turbine noises

Frequency [Hz]
16k8k4k2k1k500250125631684 31.5 16k8k4k2k1k500250125631684 31.5

1/
3-

oc
ta

ve
-b

an
d 

so
un

d 
pr

es
su

re
 le

ve
l [

dB
] 100

90

80

70

60

50

40

30

20

10

0

100

90

80

70

60

50

40

30

20

10

0

29

30

31
32

33

(e) Wind turbine noises

Frequency [Hz]
16k8k4k2k1k500250125631684 31.5

1/
3-

oc
ta

ve
-b

an
d 

so
un

d 
pr

es
su

re
 le

ve
l [

dB
] 100

90

80

70

60

50

40

30

20

10

0

34

35
36

37

38

-4dB/Oct.

(f) Artificial noises modeling WTN

Frequency [Hz]
16k8k4k2k1k500250125631684 31.5 16k8k4k2k1k500250125631684 31.5

1/
3-

oc
ta

ve
-b

an
d 

so
un

d 
pr

es
su

re
 le

ve
l [

dB
] 100

90

80

70

60

50

40

30

20

10

0

100

90

80

70

60

50

40

30

20

10

0

34

35
36

37

38

-4dB/Oct.

(f) Artificial noises modeling WTN

Frequency [Hz]
16k8k4k2k1k500250125631684 31.5

1/
3-

oc
ta

ve
-b

an
d 

so
un

d 
pr

es
su

re
 le

ve
l [

dB
] 100

90

80

70

60

50

40

30

20

10

0

1

2

3

4
5

6

7
8 9

10

(a) Environmental sounds

Back ground noise

Frequency [Hz]
16k8k4k2k1k500250125631684 31.5

1/
3-

oc
ta

ve
-b

an
d 

so
un

d 
pr

es
su

re
 le

ve
l [

dB
] 100

90

80

70

60

50

40

30

20

10

0

1

2

3

4
5

6

7
8 9

10

(a) Environmental sounds

Frequency [Hz]
16k8k4k2k1k500250125631684 31.5 16k8k4k2k1k500250125631684 31.5

1/
3-

oc
ta

ve
-b

an
d 

so
un

d 
pr

es
su

re
 le

ve
l [

dB
] 100

90

80

70

60

50

40

30

20

10

0

100

90

80

70

60

50

40

30

20

10

0

1

2

3

4
5

6

7
8 9

10

(a) Environmental sounds

Back ground noise

1466



 

 

(1) LA: A-weighted sound pressure level (IEC 61672-1 [6]) 
(2) LC: C-weighted sound pressure level (IEC 61672-1) 
(3) LG: G-weighted sound pressure level (ISO 7196) 
(4) LZ: Z-weighted sound pressure level (IEC 61672-1) 
(5) LLZ: Zwicker loudness level (ISO 532B [7,8]) 
(6) LLMG: Moore-Glasberg loudness level (ANSI S3.4-2007 [9]) 

LA and LC were obtained using digital IIR filters with the frequency-weighting functions of A and 
C, respectively, specified in IEC 61672-1 [6]. LG was obtained using that with the 
frequency-weighting functions of G specified in ISO 7196.  LZ was no frequency-weighting. LLZ was 
calculated from the time-averaged 1/3-octave-band SPLs from 25 Hz to 12.5 kHz according to the 
algorithm described in Ref. 7 and 8, and LLMG was calculated from the time-averaged 
1/3-octave-band SPLs from 50 Hz to 16 kHz according to Ref. 9. 

The relationships between the loudness score and the values assessed by the respective indicators 
are given in Fig. 5. From these results, it is seen that the loudness score correlated well to all the 
values assessed using LA, LLZ and LLMG exhibiting a high correlation coefficient r larger than 0.99, 
whereas the correspondence decreased slightly in the case where LC was applied (r=0.934). In the 
cases applying LG and LZ, it was much deteriorated, whereas LG.was especially the psycho-acoustical 
indicator for sounds including low-frequency component.  

Here, it should be noted that LA is in no way inferior to LLZ and LLMG. 
 

3.4 Discussion 
Regarding the A-weighted SPL, many researchers pointed out its shortcoming in the assessment of the 

loudness or annoyance under the condition that the test sounds contain strong tonal component(s) or 
dominant spectral component(s) in narrow-band(s) [10-14]. In those cases, the A-weighted SPL is too 
simple and other sophisticated indicators such as LLZ and LLMG should be applied. However, the result of 
this study indicates that the A-weighted SPL is an appropriate indicator of the loudness of general 
environmental noise even when relatively dominant low-frequency components down to infrasound are 
included. 

Another problem of the A-weighted SPL often pointed out when discussing its applicability to a wide 
range of sound levels is that the A-weighting function was originally proposed as an inverse characteristic 
of the 40-phon curve of the equal-loudness contours proposed by Fletcher and Munson [15, 16] (see Fig. 6); 
therefore, it is unsuitable when assessing intermediate- or high-level sounds. However, when comparing 
the inverse A-weighting curve to the revised equal-loudness contours specified in ISO 226: 2003 [17], it 
fits around the 60-phon curve as shown in Fig. 7. This finding means that the A-weighting curve is not 
necessarily a frequency weighting function for relatively soft sounds. 

From the result discussed above, it can be concluded that the A-weighted SPL is a simple and good 
estimator of the loudness when assessing general environmental noise including WTN. The applicability of 
the A-weighted SPL to WTN with low-frequency components has also been investigated [14, 18, 19]. 
However, when assessing noise with dominant tonal or narrow-band spectrum components, there would be 
a limit to the application of this indicator, and precise loudness evaluation and the consideration of 
correction factors for tonality as specified in ISO 1996 -2 [20] are necessary. 

4. CONCLUSIONS 
In this study, an auditory experiment on loudness was conducted using a variety of environmental 

noises including low frequency components and the experimental results were evaluated by six kinds 
of psycho-acoustical quantities. As a result, it has been found that A-weighted sound pressure level is 
the best indicator among them. In the problem of wind turbine noise, it is often discussed how to 
evaluate the low frequency components. As shown in the spectral characteristics of the environmental 
noises collected in this study, the low frequency components are contained in general environmental 
noises, not particularly in wind turbine noise. As a conclusion, it is suggested that A -weighted sound 
pressure level should be uniformly applied to the assessment of general environmental noises 
including wind turbine noise. 
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(a) Arranged by LA                     (b) Arranged by LC 

  
(c) Arranged by LG                        (d) Arranged by LZ 

   
(e) Arranged by LLZ                      (f) Arranged by LLMG 

Figure 5 – Relationship between loudness score and noise indicators  
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Figure 6 – Inverse A-weighting curve on the 
equal-loudness contours proposed by Fletcher 
& Munson.  

Figure 7 – Inverse A-weighting curve on the 
equal-loudness contours specified in ISO 
226: 2003.  
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ABSTRACT 

An increasing number of individuals are being exposed to infrasound. It is, however, still not clear, how 

infrasound is perceived by human beings. Regarding auditory perception, one hypothesis is that non-linear 

processes within the ear generate distortion products that make infrasound audible. To investigate this 

hypothesis, it is crucial to rule out that such distortions were produced technically, i.e., by the stimulus 

presentation system rather than the auditory system. This paper introduces a compact, low-distortion 

infrasound system, based on a commercially available audiometric earphone, for simultaneous presentation 

of pure-tone infrasound and audio sound to the ear via an ear insert. This system also allows for the recording 

of sound in the ear canal during signal presentation. Performance characteristics of the system for the 

stimulus presentation and the sound recording units are presented. It is shown that the interaction of 

infrasound and audio sound, such as modulation of the audio sound by the infrasound, is negligible with 

respect to auditory perception. 

 

Keywords: infrasound stimulus system, ear insert, acoustic distortions, sound recording in the ear canal 

1. INTRODUCTION 

Infrasound is commonly defined as sound with frequencies below 20 Hz (1). Although the term 

infrasound insinuates that these frequencies are outside the audible range, there is some evidence that 

the human auditory system is sensitive to infrasound down to 2 Hz (2, for a review; 3). Yet, the 

knowledge about the underlying mechanisms is still vague. One hypothesis is that (per se inaudible) 

internal sounds in the audio-frequency range produced by physiological processes, such as blood flow, 

are modulated by infrasound, making the latter audible (4). An alternative hypothesis is that non-linear 

processes within the cochlea produce audible distortion products in the audio-frequency range (5). In 

order to investigate whether non-linear processes within the ear play a role in infrasound perception, it 

is crucial that the system used for the presentation of the infrasound generates as little harmonic 

distortions as possible. Thus, the main aim of the present study was to develop a sound reproduction 

system that can generate sufficiently high sound pressure levels and, at the same time, has distortion 

component levels well below the threshold in quiet at these frequencies. The second aim was to 

incorporate into the system a microphone that monitors the sound in the ear and detects possible 

distortions. To this end, it was investigated if a system that was initially developed to measure 

otoacoustic emissions (OAE, 6) in the ear canal can be used when infrasound is presented. 

2. INFRASOUND REPRODUCTION AND ANALYSIS SYSTEM 

2.1 Requirements for the sound reproduction and the in-ear sound measuring system  

In order to investigate the infrasound perception by the auditory system it is mandatory that the 

sound is only delivered to the ear. The system should allow for presenting (sinusoidal) infrasound (IS) 

signals as well as sounds with frequencies in spectra in the audio sound (AS) range from 20 Hz to 

4 kHz. The system should be able to deliver sounds up to sound pressure levels (SPL) that are 

equivalent to a loudness level of 40 phon (2). Note that, at low frequencies, these levels are quite high. 

                                                        
1 holger.joost@ptb.de 
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Frequencies down to 4 Hz should be presented at this loudness level . At 4 Hz, this is equivalent to an 

SPL of 121.3 dB. It should also be possible to present combinations of IS+IS and IS+AS stimuli to the 

ear. This simultaneous presentation should not generate distortions. Since a simultaneous presentation 

of sound combinations by a single transducer might produce distortion from its non-linear behavior, 

the system should incorporate two separate low-distortion transducers for infrasound and audio sound. 

Many researchers working on the effect of infrasound on the human auditory system used the 

audiometric earphone transducer Beyerdynamic DT48 (Beyerdynamic, Germany) as an infrasound 

reproduction system. However, the DT48 is no longer commercially available. Thus, a new infrasound 

source with at least equivalent performance is required.  

In addition to a high-quality sound reproduction system, a low-noise ear canal sound measuring 

system with a high sensitivity is necessary, which is not affected by high infrasound pressure levels to 

monitor the sound in the ear canal.  

2.2 Sound reproduction system 

Figure 1 shows a photograph of the sound reproduction system. It includes two RadioEar DD45 

(RadioEar, USA) audiometric earphone transducers. It is an electrodynamic sound transducer 

specified by the manufacturer to have a nominal impedance of 10  Ω and to be linear up to an input 

power of 500 mW. The harmonic distortions are below 1% at 120 dB SPL. The two DD45 earphone 

transducers were mounted in air-sealed aluminum housings, each with a sound outlet in the front plate. 

Sound tubes with a length of 25 cm connect the sound outlets to the Etymotic ER-10B+ low-noise 

microphone system (Etymotic Research Inc., USA), which was initially developed for measurements 

of distortion product otoacoustic emissions (DPOAE). It was chosen for this study, because it allows 

for coupling external transducers as sound sources (see Figure 1). In addition, it ensures that the sound 

is only fed into the ear canal.   

 

 

Figure 1 – Photograph of the sound reproduction system consisting of two DD45 earphone transducers (top 

left) coupled with the Etymotic ER-10B+ system (bottom right) via two tubes.  

 

The volume that is enclosed by the membrane of the earphone transducers, the tubes, and the ear is 

small. It acts as a pressure chamber for low frequencies, enabling acoustic stimulation with the DD45  

earphone transducers down to the infrasound frequency range. As requested (see Section 2.1), the two 

DD45 transducers offer the possibility of separated generation of audio sound and infrasound or of two 

independent infrasound stimuli. 

Another essential part of the sound reproduction system is the headphone amplifier. To drive the 

DD45 transducer, a dual-channel headphone amplifier was built, based on an LPA-2S board (Funk 

Tonstudiotechnik, Germany), that the manufacturer modified for our special purpose of driving this 

low-impedance (10 Ω) headphone transducer down to 2 Hz with a maximum power of 500 mW. This 

headphone amplifier offers high output power combined with very low noise floor and very low 

harmonic distortion (THD+N: 1-kHz signal 0.0013 %; 10-Hz signal 0.0006 %; both at 500mW/10 Ω). 

2.3 Setup for analyzing the system performance 

The system performance of the sound reproduction system and the Etymotic ER-10B+ low-noise 

microphone probe was analyzed within the setup shown in Figure 2. The sound emitted from the DD45 

earphone transducers is guided through the sound tubes to the Etymotic ER-10B+ ear insert. The ear 

insert is connected to an occluded-ear simulator B&K 4157 (Brüel & Kjær, Denmark) by using the 
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adapter DB-2012, which simulates the whole external ear canal. The signal of the ear simulator 

microphone is amplified by the preamplifier B&K 2669, forwarded to the microphone conditioning 

amplifier B&K Nexus 2690, and, finally, to one channel of the APx555 audio analyzer (Audio 

Precision, USA). The Etymotic ER-10B+ microphone signal is amplified and conditioned by the 

provided microphone preamplifier, the signal of which is forwarded to the other channel of the 

APx555 audio analyzer. The APx555 audio analyzer serves not only as a signal analyzer but is also 

used as a high-precision generator of the pure-tone test signals, which are fed into the dual-channel 

earphone amplifier Funk LPA-2S driving the two DD45 transducers. 

 

Figure 2 – Block diagram of the sound reproduction and performance analysis system. 

 

Note that IEC 60318-4 specifies the occluded-ear simulator B&K 4157 only in the frequency range 

from 100 Hz to 10 kHz. For analyzing the system performance down to infrasound frequencies, 

however, the ear simulator had to be validated for frequencies below 100 Hz. In particular, a 

low-frequency level drop-off caused by the pressure equalization needed to be ruled out. The system 

was compared to a closed coupler (no vent) with identical effective volume, where a B&K 4193 

infrasound microphone is used. This comparison revealed that differences are less than 0.7 dB in the 

frequency range from 2 Hz to 100 Hz (not shown). Hence, the B&K 4157 occluded-ear simulator can 

be used down to 2 Hz. 

For all measurements, the acoustic parts of the setup (from the two DD45 earphone transducers to 

the ear-simulator B&K 4157) were placed in an anechoic test chamber (B&K 4222) to reduce 

background noise. 

3. SYSTEM PERFORMANCE - RESULTS AND DISCUSSION 

3.1 Single pure-tone infrasound 

The top panel of Figure 3 shows the measured sound pressure level magnitude spectrum of a 4-Hz 

pure tone acoustically presented through the RadioEar DD45 transducer at 40 phon (red curve). In 

addition, a spectrum of a recording without pure-tone stimulus is shown in blue. In both spectra, the 

same peaks can be observed at 3.7 Hz and harmonics of this frequency. These are caused by the display 

refresh process of the B&K Nexus 2690 microphone-conditioning amplifier. In addition, peaks at 

150 Hz, 250 Hz, and 350 Hz are observed that are resulting from electromagnetic interference of the 

50-Hz power line frequency. The peak at about 84 Hz is of unknown origin. Since it is observed with 

and without stimulus, it is probably an environmental background signal. The spectrum of the sound 

presented through the DD45 earphone transducer reveals two prominent upper harmonics. The level of 

the first harmonic is 65 dB lower than that of the 4-Hz component. This component should be inaudible 

since it is 45 dB lower than the infrasound threshold reported by Moeller and Pedersen (2). The level 

of the second harmonic is even 20 dB lower than that of the first one and is, thus, also inaudible, as well 

as all other higher harmonics.  

For comparison, the spectrum was also recorded when the sound is presented through a 

Beyerdynamic DT48 earphone transducer under the same conditions as for the DD45. For that purpose, 
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the two DD45 transducers in our measuring setup were replaced by two DT48 transducers, modified 

with air-sealed mounted front plates with sound outlets for the sound tubes. The LPA-2S headphone 

amplifier was able to drive the DT48 transducer with similar low noise and distortion as the DD45, 

despite its even lower impedance of 5 Ω. This was proven by comparing the frequency spectra of the 

transducer terminal voltages of the two earphone types. In the bottom panel of Figure 3, the measured 

spectrum is shown (black curve). Also the DT48 earphone shows two prominent upper harmonics. 

However, the level of the first harmonic is only 45 dB lower than the level of the 4-Hz component and 

only 25 dB lower than the infrasound threshold. These values are about 20 dB higher than those of the 

DD45. Moreover, the DT48 produces pronounced higher harmonics up to the audio frequency range, 

with levels close to the hearing threshold. Since this threshold represents a median value and some 

individuals can detect signals that are several decibels lower than normal threshold, these higher 

harmonics produced by the DT48 may be detected by some of the listeners.  

The RadioEar DD45 shows remarkably low harmonic distortions, with levels of more than 45 dB 

below the hearing threshold. This is sufficient to rule out any notable influence of distortions produced 

by the sound reproduction system on signal detection. Furthermore, the DD45 shows cons iderably 

fewer distortions than the often used Beyerdynamic DT48.  

 

 

 

Figure 3 – Spectrum of a 4-Hz pure tone acoustically presented at a loudness level of 40 phon through a 

RadioEar DD45 transducer (top panel, red curve) and through a Beyerdynamic DT48 transducer (bottom 

panel, black curve). In addition, the threshold in quiet and the 40-phon equal-loudness-level contours (ELLC) 

are shown (green lines). The top panel also includes a spectrum when no stimulus was presented (blue curve). 
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3.2 Combination of infrasound and audio sound 

Figure 4 shows spectra of a 4-Hz pure tone combined with a 31.5-Hz pure tone, both at a loudness 

level of 40 phon. The top panels show the spectra when they are presented with the DD45 transducers 

(red curves). The bottom panels show the spectra when the DT48 transducers are used for stimulus 

presentation (black curves). In order to test the necessity of separate transducers, one for each pure 

tone (as commonly used), the combined sound was also presented through a single transducer. The left 

panels show the spectra when each of the two sounds is presented through a different earphone, the 

right panels show the spectra when the same earphone is used for simultaneous presentation of the two 

sounds. As in Figure 3, thresholds and 40-phon equal-loudness-level contours are shown (2; 7). 

 

 

 

Figure 4 – Spectrum of a 4-Hz pure tone and a 31.5-Hz pure tone, both acoustically presented at a loudness 

level of 40 phon through RadioEar DD45 transducers (top panels, red curve) and through Beyerdynamic 

DT48 transducers (bottom panels, black curve). The left panels show the spectra when each pure tone is 

presented through a different transducer, the right panels show the spectra when the same transducer is used 

for the simultaneous presentation of both pure tones. Thresholds and equal-loudness-level contours are also 

shown (green lines, see Figure 3).  
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When the 4-Hz infrasound and the 31.5-Hz audio sound are presented with different DD45 

transducers (left top panel), the audio signal is modulated by the infrasound signal : Side lines with a 

4-Hz spacing around the 31.5-Hz line appear. Note that the levels of the side lines are more than 65 dB 

lower than the level of the 31.5-Hz component.   

The DT48 transducers produce side lines that are 20 dB higher than those of the DD45 (left bottom 

panel). In addition, side lines at multiples of 4 Hz occur around 31.5 Hz. Nevertheless, in both cases 

the modulation of the audio-signal should not be audible, since at this modulation rate, the levels of the 

side lines at modulation detection threshold (8) are at least several dB higher than those produced by 

the non-linearity of the sound reproduction system. Thus, the modulation produced by the system 

should be inaudible.  

If the two sounds are presented with the same transducer, the DT48 shows an increase in the 

distortions, as expected (bottom right panel). For the DD45 (upper panels), the level differences 

between the 31.5-Hz component and its side lines were larger when only one DD45 transducer was 

used (Δ𝐿 = 75 dB) as compared to when two DD45 transducers were used (Δ𝐿 = 65 dB).  

In summary, for the presentation of two tones, the DD45 is more suitable than the DT48. In the case 

of using two earphone transducers to present two tones separately from each other, the DD45 emitting 

the audio signal is less sensitive to the infrasound signal, emitted by the second transducer of the  same 

type, than the DT48. Unexpectedly and in contrast to the DT48, a single DD45 transducer, playing 

both tones together, results in fewer distortions than playing the tones using separate DD45 

transducers. That offers the possibility of using a single DD45 transducer for the presentation of 

stimuli that are more complex than a single sinusoid.  

3.3 Characterization of the Etymotic ER-10B+ microphone system  

Figure 5 shows the transfer characteristics of the sound reproduction system in conjunction with the 

Etymotic ER-10B+ microphone probe (blue curve) and the occluded-ear simulator B&K 4157 (red 

curve), recorded with the setup described in Section 2.3. Both curves were measured simultaneously as 

sound pressure level against frequency at a constant earphone transducer driving voltage of 0.8 V. Both 

the ear simulator and the probe microphone have been calibrated by means of a sound calibrator B&K 

4131 at 1000 Hz to provide a reading in dB re 20 µPa.  

From 150 Hz to 1000 Hz, the curves are almost identical, above 1000 Hz they begin to slowly 

diverge, but are still very similar. The ripple results from sound tube resonances and does not have any 

undue effect for our purposes. Below 150 Hz, the sound pressure level measured by the Etymotic 

ER-10B+ microphone probe shows a considerable drop-off towards lower frequencies. The difference 

to the ‘true’ value measured by the ear simulator microphone reaches a value of about 40 dB at 3 Hz. 

By using the difference of both curves, however, the output of the Etymotic ER-10B+ microphone 

system can be easily equalized to get the ‘true’ SPL values. 

 

 

Figure 5 – Sound pressure level produced by the sound reproduction system in the occluded-ear simulator 

B&K 4157 (red) and measured by the microphone probe of the Etymotic ER-10B+ (blue) when driven by a 

constant driving voltage of 0.8 V.  

 

Figure 6 shows spectra of a 4-Hz 40-phon pure tone produced by the sound reproduction system in 

the occluded-ear simulator B&K 4157. The red curve shows the spectrum measured with the ear 

simulator microphone. The blue curve shows that measured with the Etymotic ER-10B+ microphone 

probe that has been equalized as described above. The ER-10B+ has slightly lower noise levels as 

compared to the ear simulator microphone from about 400 Hz to 4000 Hz, but the noise has essentially 
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the same order of magnitude in both devices. Below 150 Hz, the spectrum measured with the ER-10B+ 

microphone probe shows higher background noise levels than that recorded with the ear simulator 

microphone. At 3 Hz, it is about 20 dB higher for the ear simulator microphone. This results from the 

equalization gain needed for compensating the low-frequency drop-off of the probe microphone. 

Nevertheless, the 4-Hz pure tone and its higher harmonics are clearly visible, and no additional 

components are added due to any non-linearities of the ER-10B+ microphone probe. The microphone 

is not overloaded by the high infrasound pressure level, i.e. it is possible to measure audio sound while 

high-level infrasound is present in the ear canal. Although the background noise level of the ER-10B+ 

microphone probe in the lower frequency range is not as low as that of the ear simulator microphone, 

the ER-10B+ sensitivity seems to be high enough to detect signals with low sound pressure levels, for 

example infrasound-generated distortion products. Bearing in mind that measurements seeking for the 

latter in the ear canal will be made in real human ears with their inherent physiological noise, the 

microphone probe performs really promising.  

 

Figure 6 – Spectrum of a 4-Hz pure tone presented at a loudness level of 40 phon measured with the ER-10B+ 

microphone probe (equalized, blue) and with the occluded-ear simulator B&K 4157 (red).  

4. SUMMARY AND CONCLUSIONS 

A sound reproduction system was presented that consisted of two RadioEar DD45 audiometric 

earphone transducers connected to an Etymotic ER-10B+ system with integrated low-noise 

microphone. It was shown that the system (a) generates sufficiently high sound pressure levels, (b) has 

distortion product levels well below the respective hearing threshold levels, and (c) enables one, by 

means of an incorporated low-noise microphone, to monitor the sound and to detect possible 

distortions directly within the ear. The system can be used to present sound signals with frequencies 

ranging from 4 Hz to 5 kHz with loudness levels of up to 40 phon. The levels of the harmonic 

distortions were more than 45 dB below the hearing threshold. It was also shown that the RadioEar 

DD45 outperformed the often used Beyerdynamic DT48, no matter if stimuli comprising a single 

infrasound, two infrasounds, or an infrasound and an audio sound are played. Noticeably, a single 

DD45 transducer, for a signal combining infrasound with audio sound, performs better than two DD45 

transducers, which play the two sounds separately. This opens up more possibilities of playing 

combined signals with the two-transducer system. The ER-10B+ microphone probe could be used to 

measure sound in the ear canal even while high-level infrasound as low as 4 Hz at a loudness level of 

up to 40 phon was presented. In the spectrum, the infrasound component and its upper harmonics were 

clearly visible without distorting components of the microphone probe itself. Altogether, the system 

can be used in psychophysical experiments on infrasound perception.  
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ABSTRACT

Although experimental results on oppressive and vibratory feelings due to low-frequency sound are widely 
known, those studies were conducted about 40 years ago in Japan and some questions remain to be examined. 
For example, “oppressive feeling” and “vibratory feeling” are generally unfamiliar terms, but it is not clear 
how these terms were explained to or understood by participants. In the present study, an experiment was 
conducted using a method similar to the previously reported method, and the frequency characteristics of 
sound that induced oppressive and vibratory feelings were reviewed. Using one-third octave band noise with 
center frequencies ranging from 10 Hz to 630 Hz, a laboratory experiment was conducted to investigate the 
sound pressure level at which oppressive or vibratory feeling tended to appear for each frequency. 
Participants were divided into two groups. One was provided an explanation of the meaning of oppressive
and vibratory feelings, and the other was provided no such explanation, and results were compared between 
the groups. The results suggest that sound pressure levels where these feelings tended to occur were slightly 
different between the two groups. Furthermore, the feelings appeared even in the higher frequency bands
compared with previous studies.

Keywords: Low-frequency noise, oppressive feeling, vibratory feeling

1. INTRODUCTION
Much research has been conducted on the evaluation of impressions of low-frequency sound.

Tokita et al. (1) reported the existence of oppressive feeling and vibratory feeling as sensations unique 
to low-frequency sound. Also, they showed the frequency characteristics of sound pressure levels that 
induced these feelings, finding that these feelings tended to occur prior to others. The results of that 
study have been cited in various works (2-4). However, the experiments were conducted over 40 years 
ago, and there appears to be room for improvement.

Given that “oppressive feeling” and “vibratory feeling” are generally unfamiliar terms, it is 
necessary to adequately explain the meaning of the feelings to participants in the experiment. To our 
knowledge, however, none of the previous studies has reported details of the instruction provided to 
the participants. According to a report written in Japanese (5), some participants misunderstood the 
meaning of the “vibratory feeling”. In addition, the experiment was conducted simultaneously with 3 
to 10 participants in the experimental room, so the presented sound pressure level might have slightly 
differed among the participants depending on their position in the room.

In the present study, we conducted an experiment with individual participants and used a method
similar to the one in the previous report (1). Participants were divided into two groups. One was 
provided an explanation of the meaning of oppressive and vibratory feelings (explanation group), and 
the other was provided no such explanation (no explanation group), and results were compared 
between the groups. The purpose of this study was to provide up-to-date findings on the frequency 
characteristics of sound pressure levels where oppressive or vibratory feeling tends to occur due to
low-frequency sound.

1 morinaga@dfeia.or.jp
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2. EXPERIMENTAL METHODS

2.1 Procedure
The experiment was conducted in an experimental room at the Kobayasi Institute of Physical 

Research that was specially designed for investigations of low-frequency sound exposure. As shown 
in Fig. 1, sixteen 38-cm loudspeakers for reproducing low-frequency sound were installed in the 
ceiling of the chamber, which had dimensions of 2.8 m (L) 2.1 m (W) 2.2 m (H). The experimental 
room was the same as used in the previous study by Tokita et al (1). Participants were 43 adults who 
were divided into the explanation and no explanation groups. The experiment was carried out for each
participant individually. A total of 36 kinds of stimuli were presented to the participants, and they 
selected one from eight impressions shown in Table 1 that most matched with their impression to the 
stimulus. The explanation group used the item shown in Table 1A, and the no explanation group used 
the item shown in Table 1B. The participants in the explanation group were told that oppressive feeling
and vibratory feeling referred to the sensations that a part of the body (head, chest, or abdomen) is 
being compressed and vibrated, respectively. In the no explanation group, participants used the same
rating item as in the previous study, and they were not given a detailed explanation of the meaning of 
oppressive and vibratory feelings.

Figure 1 – Photos in the experimental room.

Table 1 – Impression rating items used for evaluating the stimuli

A: Explanation group

1 Undetectable 5 Oppressive feeling in the head, chest, or abdomen

2 Detectable 6 Vibratory feeling in the head, chest, or abdomen

3 Annoying 7 Pain

4 Highly annoying 8 Feeling of impure

B: No explanation group

1 Undetectable 5 Oppressive feeling

2 Detectable 6 Vibratory feeling

3 Annoying 7 Pain

4 Highly annoying 8 Feeling of impure

2.2 Stimuli
As is the previous study, stimuli were one-third octave band noise of 20 s duration. The ranges of 

sound pressure level and frequency are shown in Table 2. Although these ranges were almost identical 

1479



to those used in the previous study, stimuli of 90 dB and 100 dB at 315 Hz and 630 Hz were excluded 
because those sounds were too loud to safely present to the participants. Stimuli of 50 dB at 40 Hz 
and 40 dB at 80 Hz were added.

Table 2 – Ranges of sound pressure level and frequency of the stimuli

10 Hz 20 Hz 40 Hz 80 Hz 160 Hz 315 Hz 630 Hz

110 dB *

100 dB * * * * *

90 dB * * * * *

80 dB * * * * * * *

70 dB * * * * * *

60 dB * * * * *

50 dB * * * * *

40 dB * *

2.3 Participants
Participants were 21 and 22 adults aged 20 to 69 years in the explanation group and no explanation 

group, respectively; the distributions of sex and age are given in Table 3. The participants were 
recruited by telephone or e-mail through our laboratory colleagues and were students, homemakers, 
and working people. Having recruited widely from acquaintances of acquaintances, we assume that 
the participants are representative of the general population. Before the experiment, we conducted a 
hearing test using a pure-tone audiometer and calculated average hearing levels for 125 Hz, 500 Hz, 
1 kHz, 2 kHz, and 4 kHz (6). All participants had an average hearing level of 25 dB or less. The World 
Health Organization (7) states that a hearing level over 25 dB marks the onset of mild hearing loss.
Accordingly, we considered that all participants had normal hearing ability.

Table 3 – Distributions of age and sex of the participants

A: Explanation group

Age (years) 20-29 30-39 40-49 50-59 60-69

Male (n=10) 1 2 2 2 3

Female (n=11) 2 2 3 3 1

B: No explanation group

Age (years) 20-29 30-39 40-49 50-59 60-69

Male (n=11) 1 3 1 2 4

Female (n=11) 2 1 3 4 1

3. RESULTS & DISCUSSION

3.1 Comparison of the results between the groups
The selection rates of each feeling shown in Table 1 were calculated for each stimulus; Table 4

shows the feeling with the highest selection rate for each stimulus. As in the previous study, the rate 
of selecting either oppressive or vibratory feeling was calculated. In the frequency range from 10 Hz 
to 80 Hz, the tendency was very similar between the explanation and no explanation groups, and the 
feeling with the highest selection rate was mostly the same. However, participants in the explanation 
group more frequently selected oppressive or vibratory feeling in the range of 80 dB to 100 dB at 160 
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Hz. Table 5 shows differences in the selection rate of oppressive or vibratory feeling between the 
groups. Oppressive or vibratory feeling tended to be more frequently selected in the frequency range
from 10 Hz to 80 Hz by the no explanation group but in the range of 160 Hz or higher by the 
explanation group,. These results suggest that whether or not an explanation of oppressive and 
vibratory feelings was given affected the evaluation by the participants, and it is expected that the 
explanation enabled adequate evaluation of the feelings.

Table 4 – Frequency characteristics of sound pressure level for the selected feelings
A: Explanation group

10 Hz 20 Hz 40 Hz 80 Hz 160 Hz 315 Hz 630 Hz
110 dB O.V. - - - - - -
100 dB Ann. O.V. O.V. O.V. O.V. - -
90 dB Und. O.V. O.V. O.V. O.V. - -
80 dB Und. Und. O.V. O.V. O.V. H.A. H.A.
70 dB - Und. Ann. Ann. H.A. H.A. H.A.
60 dB - - Und. Ann. Ann. Ann. Ann.
50 dB - - Und. Det. Ann. Ann. Ann.
40 dB - - - Det. - Ann. -

B: No explanation group
10 Hz 20 Hz 40 Hz 80 Hz 160 Hz 315 Hz 630 Hz

110 dB O.V. - - - - - -
100 dB Det. O.V. O.V. O.V. H.A. - -
90 dB Und. O.V. O.V. O.V. H.A. - -
80 dB Und. Und. O.V. O.V. H.A. H.A. H.A.
70 dB - Und. O.V. Ann. Ann. H.A. H.A.
60 dB - - Det. Ann. Ann. Ann. Ann.
50 dB - - Und. Det. Ann. Ann. Ann.
40 dB - - - Det. - Ann. -

Und.: undetectable; Det.: detectable; Ann.: annoying; H.A.: highly annoying; O.V.: oppressive or vibratory 

feeling.

Table 5 –Differences in the selection rate of oppressive or vibratory feeling between the groups

(explanation group minus no explanation group)
10 Hz 20 Hz 40 Hz 80 Hz 160 Hz 315 Hz 630 Hz

110 dB -1%
100 dB -8% -24% -10% 4% 20%
90 dB 0% -7% -5% -24% 26%
80 dB 0% -4% -20% -16% 25% 19% 0%
70 dB 0% -12% 1% 6% 10% 0%
60 dB -9% -14% -4% -4% 10%
50 dB -5% -5% 0% -5% 5%
40 dB 0% -9%

3.2 Level at which 50% of participants experienced oppressive or vibratory feeling
The sound pressure level at which 50% of participants experienced oppressive or vibratory feeling 

was estimated by linear regression analysis with the sound pressure level of the stimuli as an
independent variable and the z-value of the selection rate of oppressive or vibratory feeling as the
dependent variable in each octave band, and those levels were compared between the explanation 
group, the no explanation group, and the previous study (1). The results are shown in Table 6 and 
Figure 2. The values from the previous study shown in the table were read from the figure in the
published report. The estimated 50% levels were different between the explanation and no explanation 
groups, especially at 160 Hz. Although the 50% levels from 10 Hz to 80 Hz were almost identical in 
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the explanation group and the previous study, the results suggest that oppressive or vibratory feeling 
at 160 Hz may tend to occur at a lower sound pressure level when an explanation is given. Additionally,
the sound pressure level for oppressive or vibratory feeling was above the hearing threshold specified 
in ISO 226, and a similar tendency is also shown in Table 4.

Table 6 – One-third octave band level at which 50% of participants experienced oppressive or vibratory

feeling: Comparison between the explanation group, the no explanation group, and the previous study

Center frequency of 
1/3 octave band [Hz]

Previous study
[dB]

Explanation group
[dB]

No explanation 
group [dB]

10 105 105 104
20 93 93 89
40 78 79 75
80 84 82 77
160 96 83 102

Figure 2 – Comparison of the results between the present study and the previous study with the ISO 226

hearing threshold shown for reference (8)

4. CONCLUDING REMARKS
Studies of oppressive and vibratory feelings were conducted more than 40 years ago, and their 

findings have been used in various surveys. For example, the findings are often used for environmental 
assessment of low-frequency sound in Japan. However, as shown in the present study, the results
change depending on how the participants understand the terms “oppressive feeling” and “vibratory 
feeling”. We interviewed the participants in the no explanation group after the experiment and asked 
them how they envisioned the terms of oppressive feeling and vibration feelings. Rather than 
sensations that a part of the body was compressed or vibrated, almost half of the participants regarded 
the feelings as an auditory impression such as “sounds that are trembling” or “sounds that can be 
heard underwater”.
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The results for the explanation group were obtained after providing appropriate instruction, while
improving some experimental issues. A novel finding of this study is that oppressive or vibratory 
feeling at 160 Hz tends to occur at lower sound pressure levels compared with estimates from the 
previous study. In the future, we plan to perform further experiments after examining other 
methodological issues
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ABSTRACT 
Some people suffer from hearing an often untraceable low-pitched sound. To help them two types of low 
frequency noise (brown and black noise) were put on CD. Sufferers could obtain this free CD on request. 
Over the course of more than 10 years about 200 CD's were sent out. In these 10 years 26 applicants have 
given a spontaneous reaction by e-mail after having used the CD for a shorter or longer period of time. 
Twenty three of these comments were (very) positive, two comments stated the CD did not help. In 2018 a 
retrospective survey was designed for those that had requested a CD before November 2018. The main goal 
of this study is to investigate how the complaints have changed over time in relation to the use of the CD. 
Further questions examine which other measures participants have taken and how they use(d) the CD in 
practical terms (brown and/or black noise, playing time, frequency of use, volume). The study started in 
February 2019 and a first analysis will be given in the paper. This may inspire others to help sufferers by 
using the same method. This could be an opportunity to include more participants in different areas. 
 
Keywords: Low Frequency Sound, Hum  

1. INTRODUCTION 
Some people hear an intrusive, low pitched sound or ‘hum’ coming from an unidentified source. 

They may have serious health complaints, especially with respect to sleep. A lot of studies have been 
done on this topic (1). Nevertheless, no definite answer to the cause or source of such complaints have 
been found. Hypotheses range from a physical, external low frequency sound coming from a variety of 
sources to a neurological, internal cause. After about 10 years of research of this phenomenon we 
found that, at least in a number of cases, sound measurements did not help to determine the sound 
causing complaints nor its source. As a result, physical or technical solutions were not possible. 
Measurements had shown (2) that there was no clear difference of low frequency sounds in dwellings 
with or without complaints. Sound levels were on average as low as 25 dB(A) in daytime and 24 dB(A) 
at night, with a low frequency share (< 100 Hz) of 17 and 14 dB(A) respectively. This led to consider 
other types of help, based on the hypothesis that the relative absence of sound at night could be an 
important factor.  

There is a practical reason and there are two considerations to think that adding sound to the 
dwelling (especially the sleeping room) could be beneficial for a complainant: 

1- Many complainants told that added sound could help to cope with the intrusive sound. This 
could be from a ventilator or the ventilating system, music, radio, natural sounds and even a 
washing machine. 

2- In a quiet environment soft sounds may be well audible, even though the level may be below 
any official limit. If such a sound has a negative association, it is likely to be a source of 
complaints.  

3- In a quiet environment most elderly perceive tinnitus sounds, and in experiments most normal 
hearing persons hear sounds when put in a very quiet room (3). A possible explanation is that 
the absence of physical, external sound may result in picking up electrical noise in the brain 
which, in the audiocortex, is interpreted as sound.  

                                                        
1 g.p.van.den.berg@rug.nl 
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Thus, adding sound will either distract attention from a soft sound (point 2) or cause a signal in the 
audiocortex resulting from real sound (point 3). Both possibilities are supported by point 1. This led to 
the idea of producing a CD, in 2004 the most obvious generally available sound carrier, with a noisy 
sound at low frequencies. The choice was made for brown and black noise, because pink noise and 
certainly white noise to the ear are rather high pitched. In white noise sound energy per Hz is constant, 
in pink noise it falls with 1/f, in brown noise with 1/f  2 and in black noise with 1/f 3.  

 

2. Study aim and method 

2.1 Study aim 
Since 2007, over 200 persons have requested the CD at the Beta Science Shop of the University of 

Groningen. Comments sent by 26 users showed that most of them (24) felt relief as a result of the black 
or brown noise on the CD. In 2018 it was decided to do a survey including all requesters to obtain a 
more objective view of the effect of the CD. The main study question was:  

what is the effect of the use of the brown/black noise CD on complaints from the low pitched 
sound that troubles the complainant?  

For people who had requested the CD in the past, the effect of the CD sound can only be determined 
from their (remembered) judgement. This is sufficient when considering satisfaction of the 
complainant with the CD. It is not suitable for determining the effect of the CD sound as such, as there 
is no objective factor on which to base this effect for this group. However, information about the 
development of complaints before and after use of the CD and a comparison with other mitigation 
measures may support the existence of the effect of the CD-noise as such.  
 

2.2 Study method and material 
The study is based on a survey of all those that requested the CD since 2007. For this period all 

requests with e-mail and postal addresses had been kept. It was expected that not all could be contacted 
because of a) changes in e-mail and/or postal addresses, b) some had requested the CD for someone 
else or for other purposes than self-help, and c) persons could be incapable of taking part in the survey 
or even be deceased (as it was expected that a significant part would be elderly persons) .  

The questionnaire was divided in four topics: 1) the development of complaints and the use of 
(other) measures to be less troubled by the intruding sound before the use of the CD; 2) the 
development of complaints after the use of the CD; 3) the actual use of the CD with respect to type of 
noise, volume, time and frequency of use; 4) general questions and possible remarks or questions from 
the respondent. The draft questionnaire was sent to four audiological specialists, two professionals 
from environmental health services and a team of four researchers in neuropsychology, all familiar 
with low frequency noise problems. The questionnaire was adapted according to their comments.  

To determine whether respondents were self-selected (e.g. because of a positive effect of the CD) 
and not a random part of the study group, a non-response test was added. This test consisted of only 
two questions taken from the complete questionnaire: one about the period of use, the other about the 
perceived effect of the CD. 

The questionnaire was made available online and on paper. As a first step all persons with an e-mail 
address would be requested to take part in the survey. Then those with no or an invalid e-mail address 
would be sent a request by post. Those not reacting to the first step were sent a reminder. As a last step 
all non-responders, i.e. those not having reacted at all, would be sent a second request, either by e -mail 
or post, to answer the two questions about the use and perceived effect of the CD.     

 

2.3 New study 
In a separate study that started in November 2018, we monitor the gravity and frequency of 

complaints of persons requesting the CD (or a digital file) at three points in time: before use of the CD, 
and one and three months after having started to use the CD. This will be done with three sepa rate 
questionnaires that together are similar to the single questionnaire in the present study. Results will be 
available in 2020. If more researchers or institutions would like to distribute the CD (or digital sound 
files) and include the survey, the study group could be larger and include possible national differences. 
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3. RESULTS 
 

3.1 Study group and respondents 
As of November 2018 a total of 216 requests for the CD had been received and kept in archive. For 

all except 4 e-mail addresses were available, but 18 addresses did not exist anymore. These 22 persons 
were sent a postal request.    

Table 1 gives an overview of reactions to the request to take part in the survey. For 5 persons there 
was no or no correct e-mail and postal address, so these were excluded. 89 persons did not react to the 
first request and they were sent the two questions from the non-response test. 39 responded to this 
second request with a reply to the two questions or even yet the completion of the full questionnaire, or 
they stated they had not used the CD (which was often why they had not reacted in the first stage). This 
leaves 50 persons who did not react at all. It was not possible to determine if these addresses were still 
in active use. Also, some could be unwilling to take part or could have moved or even died, so it is not 
clear how many of them do belong to the study group. If all would be potential respondents, there 
would be a 60% response, if none would be, the response would amount to 85% (see table 2).   

    
 

Table 1 – Number of persons involved in the study and reaction to the first and second request to take part 

  Notes: 1- because it was too long ago/did not remember (3), questionnaire too complicated, questions did not apply  
        to complaints; 2 - CD not used 

 

Table 2 – Number of persons and response in study group 

  Notes: 3 - not included: not applicable, deceased, insufficient contact information; 4 - questionnaire completed;  
        5 - included: completion denied, non-response questions answered  

 
Figure 1 shows the age and gender of the 103 respondents. The age was determined at the time of 

the request for the CD; the median value was 55 years. 33% of the respondents were male.  
The number of respondents per question may be less than 103 as not all questions have been 

answered by all respondents. For some questions, answer categories were given but could include a 
category ‘other’ that is not included in the results.  
  

Number of persons who ordered a CD 216 

 

 Number of persons in non-response test 

with two questions 

89 

Persons 

reacting 

to first 

request 

questionnaire completed 100  
Persons 

reacting 

to 

second 

request 

two questions answered 15 

decline completion 1 5  yet completed full questionnaire 3 

not applicable 2 14  not applicable 2 20 

deceased 3  deceased 1 

insufficient contact information 5  

total 127  total 39 

Persons not reacting to first request 89  Persons not reacting to second request 50 

 Including no reaction at all excluding no reaction at all 

Total in study group 3 173 100% 123 100% 

    respondents 4 103 60% 103 85% 

    responding non-respondents 5 20 12% 20 16% 

     no reaction at all 50 29%   
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Figure 1 – respondents’ distribution over age and gender (N=103) 

3.2 Situation respondents before the use of brown/black CD- noise 
In nearly all cases (100) the cause of complaints was a low pitched sound or hum. Almost one out of 

three respondents (29) were troubled by vibrations as well as a low pitched sound and just over one out 
of six (18) by pressure on the ears and a low pitched sound. 14 respondents were troubled by all three. 
As was indicated in the questionnaire, for convenience the term ‘(disturbing) sound’ would be used, 
but it would include the other perceived causes. The same term and meaning will be used here. 
 
When asked to rate the trouble or disturbance caused by the disturbing sound on a scale of 1 (no trouble 
at all) to 10 (very much trouble), 89 respondents gave a score of 8, 9 or 10 and only two less than 5.   
 
Respondents have tried to be less troubled by the disturbing sound by taking measures at home. The 
question about mitigation measures had three answer categories: no, not tried; yes, but did not help; 
yes, and it helped. As figure 2 shows, some measures have been tried by most respondents, such as 
using earplugs, using other sound or trying to ignore the sound. Adding sound insulation was the least 
applied measure and only helped in two cases. The most effective measure, being effective for 26 out 
of 49 who tried it, was using a medicine (such as a sleeping drug) to lessen the effect of the disturbing 
sound. However, in practice using another sound was more efficient as its was tried by more persons 
which led to more positive results: out of 91 respondents who tried it, the use of a sound to lessen the 
effect of the disturbing sound helped 40 of them. It follows from figure 2 that respondents found other 
measures, if tried, not very effective. Another place to sleep, using earplugs or trying to ignore the 
sound only helped a small percentage.  

      Figure 2 – possible mitigation measures that respondents have tried (or not)  

before use of the CD and respondents’ judgment on their effect    
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3.3 Situation respondents after the use of brown/black CD-noise 
The next subject in the questionnaire was about the situation after starting to use the CD. Again it was 
asked to rate the trouble caused by the sound (or other causes) on a scale of 1 to 10, but now for the 
present situation. In this situation the number of respondents was more or less the same for each score. 
This is shown in figure 3 together with the distribution of respondents over scores before CD use.    

Figure 3 – scores for gravity of complaints before and after use of the CD 
      

 Do complaints fade out over time? We can find some information about this if we relate the answer 
to the question “How often does the sound trouble you now” to the date the CD was requested (which 
normally was close to the first use). In figure 7, with respondents divided in three periods with an 
approximately equal number of requests for the CD, the main difference between the three groups is 
that the number of respondents being troubled ‘often’ decreases over time, while at the same time the 
number of respondents being troubled ‘sometimes’ increases over time. The result (figure 4) shows 
that complaints of a low pitched sound persist over many years, though the frequency of being troubled 
by it decreases over time. 

Figure 4 – frequency of being troubled by the disturbing sound  

in relation to the time period the CD was first used 

3.4 Effect of the CD with brown/black noise  
After use of the CD 7 respondents were more troubled by the sound than before and 34 had not 

noticed a difference. In contrast, 32 respondents were somewhat less troubled and 30 were much less 
troubled. Could this be because of the CD? When asked if the CD had contributed to the change in 
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complaints, 23% thought it had contributed a lot and 29% thought it had contributed somewhat to 
reduce complaints. 33% thought the CD had not made a contribution, the remaining 12% respondents 
did not give a clear answer (table 3, one respondent missing with change in complaints unclear). Thus, 
the positive outcome is that after using the CD 60% of the respondents had less complaints. 52% 
attributed an improvement to a large or smaller degree to the CD.  

 
Table 3 – Relation between change in complaints and contribution of CD to that change 

   
Respondents who think the CD helps a lot have used the CD for at least 2 weeks, but most much 

longer (> year). On the other hand, just over half of those who think the CD did not help to reduce 
complaints have used the CD for no more than a few days, though some tried it for a month or long er.    

 
Figure 5 shows two plots similar to figure 4, but here the four categories of respondents being 

troubled are given as percentages per time period. The two plots represent two groups of respondents: 
those who think that the CD had helped to reduce their complaints (at left) and those who did not think 
the CD had helped (right). The main difference between both plots is for those who requested the CD 
between 2.5 and 7 years ago. Respondents from this period and who think the CD helped, are far less 
troubled by the disturbing sound than respondents from the same period who did not think the CD 
helped: 80% of those who thought the CD helped are now sometimes or not at all troubled, in contrast 
to the 27% of those that thought the CD did not help. In the period after October 2016 there is no clear 
difference between the ‘helpful’ and ‘not helpful’ group in the percentage of respondents that are not or 
only sometimes troubled. However, there are relatively more respondents in the ‘not helpful’ group 
who are (nearly) always troubled when compared to the ‘helpful’ group.     

The percentages for those first using the CD in 2007-2012 are rather similar for both groups. 
However, one must keep in mind that the number of respondents in a column can be quite small, so 
percentages can change considerably (5% to 12%) when only one person is in- or excluded. Also, 12 
respondents are not include in figure 9 as they gave no clear answer whether the CD had helped. 

Figure 5 – frequency of being troubled by the disturbing sound in relation to the time period the CD was first 

used for two groups: those who think the CD contributed somewhat/a lot to reducing complaints (left) and 

those who do not think the CD contributed (right). Bottom row: total number of respondents per column.   

Contribution of CD to 

 change in complaints 
less complaints no change more complaints sum 

a lot 24 23%     24 23% 

somewhat 25 24% 5 5% 2 2% 32 31% 

none 6 6% 23 22% 5 5% 34 33% 

no definite answer 7 7% 5 5%   12 12% 

sum 62 60% 33 32% 7 7% 102 99% 
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3.5 Effect of other sounds 
Respondents were asked if sound other than the CD-noise had helped reduce their complaints. One 

third reported they had used other sounds. Most mentioned noisy sounds (noise machine or app, 
ventilator, radio static), others nature sounds (rain, water sounds, trees and wind) and music or speech. 
50% of them reported less complaints from the disturbing sound. Half of these respondents still 
contributed the improvement to the CD, perhaps because some of them used both the CD and another 
sound and some others used a noisy sound similar to the CD-noise. Perhaps some respondents 
interpreted the question whether the CD had helped in a broader sense, extending it to their helpful 
sound. Table 4 shows the relation between the change in complaints and the use of only the CD or 
another sound (possibly added to the brown/black noise-CD).   
 

Table 4 – change in being troubled by disturbing sound in relation to  

use of brown/black noise CD or other sound (not or not only the CD) 

 Have complaints changed over time? 

Sound used 
number of 
respondents 

decreased 
a lot 

decreased 
somewhat no change increased 

somewhat 

CD 65 100% 21 32% 22 34% 18 28% 4 6% 

Other sound 1 36 100% 9 25% 10 28% 15 42% 0 0% 

Total 103 100% 30 29% 32 31% 34 33% 7 7% 

      Note: 1 - possibly together with CD 
 

3.6 Use of CD 
At the time of the survey, 60% of the respondents had stopped using the CD, 18% of the 

respondents still used the CD and 11% more used it only occasionally (plus 11% unclear). 
27% of the respondents only played the track with brown noise, 16% only black noise and 28% 

both; 26% did not know or remember. Most (52%) respondents heard the noise from small speakers of 
a computer or audio-set; 17% from separate, large speakers; 14% through earphones or a headset; the 
remaining 17% did otherwise. According to their own judgment, 5% played the sound at a very low 
volume, 37% at low volume, 21% soft nor loud, 24% loud and 12% very loud. 82% thought the sound 
quality was good, 9% thought it wasn’t.  

The CD was usually played in the evening (10% of respondents), when going to sleep (42%) or at 
night (33%); for some (15%) it could be any time of the day. When respondents started to use the CD, 
56% played it (nearly) every day, 23% a few times a week and 19% a few times per month or less. After 
some time most used the CD a little less (14%) or far less (57%) and only 3% used it more often; for 
25% there was no change. Initially, when using the CD, many played it for an hour or more (57%), 24% 
played it for less than an hour (but more than 10 minutes) and 19% played it less than 10 minutes. After 
the initial time, most (58%) continued this playing time, 11% played the CD for a longer time and 8% 
shorter. For 23% the playing time varied according to the needs per day.    

3.7 Non-response test 
After the initial request to take part in the survey and a reminder, 89 persons who had not reacted 

were asked to help us improve the survey quality by answering just two questions. Both questions were 
taken from the full questionnaire. One was about the length of time they had used the CD, the other 
whether the CD had helped in reducing complaints. 39 persons reacted to this non-response test, which 
showed that many of them never had used the CD (see table 1). The 15 persons that gave an answer to 
both questions can be compared to the respondents who had given an answer to the same questions.   
One conclusion is there are relatively more persons in the non-response group who have used the CD 
no more than a few days. The response to the second question shows that the effect of the CD as 
perceived by respondents and non-responders is very much the same. Thus, the non-response analysis 
shows that relatively more persons that used the CD for a very short time did not respond, but the 
perception of non-responders of the effect of the CD is similar to respondents.  
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4. CONCLUSION 
In the past some 200 persons requested a CD with brown and black noise. They were asked to take 

part in a survey. We could not reach 50 of them and 38 had never used the CD or had died. 103 of the 
requesters completed a questionnaire. In the early phase, after starting to hear a low pitched sound or 
hum, it is a great or very great burden to complainants. Over the years this gets less, but about 10 years 
later still 38% are often or (nearly) always disturbed by the sound, regardless of whether they found the 
CD helpful or not.   

Sufferers try to be less troubled, but most of what they try is not very effective. In practice the most 
helpful measures are playing another sound to lessen the effect of the disturbing sound and taking 
sleeping drugs. 88% used another sound and this helped 38%. 48% used sleeping drugs and this helped 
28%.   

54 respondents (52%) reported that the brown or black noise on the CD had helped them somewhat 
(29%) or a lot (23%) to be less troubled. 34% did not think the CD had helped to reduce complaints and 
13% did not provide a clear answer.  

Of the 54 respondents  who were helped by the CD, 17 (17%) were in fact helped by a similar 
sound from another source or another sound (in some cases added to the CD). When considering 
respondents who requested the CD between about 2.5 and 7 years ago, amongst those who think the 
CD helped, at the time of the survey only 19% report to be often/always troubled, in contrast to the 
73% amongst those who think the CD did not help.  

The conclusion is that using sound to help relieve low frequency noise complaints helps just over 
half the respondents.     

 
The results of this study have led to a better advice to sufferers. We still offer them the CD (or 

digital brown and black noise tracks). We now add that others sounds can be tried if the CD is not 
helpful or to find a sound that better suits the personal taste. Such other sounds are available on the 
internet or via apps.     
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Equal annoyance contours at frequencies 4 – 1000 Hz 

Ville RAJALA1; Jarkko HAKALA1; Valtteri HONGISTO1 

1 Turku University of Applied Sciences, Turku, Finland 

ABSTRACT 

Knowledge about annoyance caused by infrasound is limited. The purpose of our study was to determine 

equal annoyance contours (EACs) at frequencies 4 – 1000 Hz. A psychoacoustic experiment was conducted 

in a laboratory environment for seven participants. The participants rated annoyance of 60 sine tones. The 

sounds were played in 20 frequencies in range 4 – 8000 Hz with sound pressure level (SPL) corresponding to 

loudness of 20, 40, and 60 phon. Three EACs were determined from mean annoyance ratings. The SPL 

yielding to equal annoyance increased with decreasing frequency. Up to 31.5 Hz, the EACs were more close 

to each other than on higher frequencies, suggesting that a small increase in SPL can significantly increase 

perceived annoyance. The results are preliminary and final contours will be published later involving a larger 

number of participants, hearing thresholds, and equal loudness contours.  

 

Keywords: Infrasound, Psychoacoustics, Equal annoyance contour 

1. INTRODUCTION 

Knowledge of human perception of infrasound is very limited. Many textbooks unambiguously 

manifest that human cannot hear sound in frequency range below 20 Hz. However, there is vast 

research evidence that the hearing range can extend at least down to 3 Hz (1, 2).  

If infrasound is perceivable, it can also be annoying. Thus, it is important to study human 

perception of audible infrasound. Typical psychoacoustic phenomena that are examined are hearing 

threshold, loudness, and annoyance. Investigating annoyance is of primary interest since noise 

annoyance is the most usual adverse health effect of sound and some countries have also published 

upper limits the sound pressure level (SPL) of infrasound for one-third octave bands 10, 12.5 and 16 

Hz.  

Pure sine tones are the simplest form of sound and thus a natural base for basic research of 

perception of sound. For example, hearing threshold and equal loudness contours are usually 

determined by using sine tones (3, 4).  

Earlier research of hearing threshold of infrasound suggests that infrasound is audible but require 

high SPL to be perceivable (1). This sets special requirements for sound reproduction devices. The 

equipment must be able to produce high SPL in low frequencies with negligible distortion. 

Only few studies deal with the annoyance of infrasound (5, 6). Equal annoyance contour (EAC) 

describes SPL for frequencies to be perceived equally annoying. Although the concept is analogue to 

equal loudness contours, there is very little knowledge of EACs (5, 7). The purpose of our study was to 

determine EACs at frequencies 4 – 1000 Hz. 

2. METHODS 

2.1 Overall design 

We conducted a psychoacoustic experiment in a laboratory setting. The independent variable was 

the experimental sound and the dependent variable was the subjective measure annoyance.  

2.2 Participants 

The participants were recruited through Turku University of Applied Sciences mailing lists. The 

requirements for participants were: age in range 19 – 26 years, native Finnish language, and ability to 

conduct the experiment without using eyeglasses. The eyeglasses were set as an exclusion criterion 

                                                        
1 ville.rajala@turkuamk.fi; jarkko.hakala@turkuamk.fi; valtteri.hongisto@turkuamk.fi  
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due to the use of headphones in the experiment. It was instructed that one should not participate the 

experiment during a flu or any other illness. The participant were not informed that the frequency 

range extends to infrasound region. Seven voluntary persons (6 female, 1 male) participated in the 

experiment. The participants were native Finnish speakers and their age ranged from 19 to 26 years 

(mean 23, standard deviation 2). The participants received a 30 euro gift token as a compensation for 

their participation. None of the participants was professionally related to our research group.  

2.3 Sounds 

The sounds were 60 sine tones in 20 frequencies listed in Table 1. The sounds were generated by 

using MATLAB R2017b (MathWorks Inc., Natick, MA, USA). Every frequency was played in three 

SPLs. The SPLs were selected to correspond the loudness levels 20, 40, and 60 phon. The SPL was 

calculated for frequencies 20 – 8000 Hz by using methods described in standard ISO 226 (4). For 

infrasound, SPL was acquired from reference (8). The sounds were saved in standard audio file format 

(.wav, 24 bit, fs = 48 kHz). 

Table 1 – The 20 frequencies in the annoyance testing and their SPLs. 

Frequency, Hz 20 phon SPL, dB 40 phon SPL, dB 60 phon SPL, dB 

4 120.7 124.8 127.4 

5 118.0 122.0 126.0 

6.3 115.0 120.0 125.0 

8 109.4 114.3 118.1 

10 107.0 112.0 116.0 

12.5 103.0 108.0 115.0 

16 95.1 101.3 106.9 

20 89.6 99.9 109.5 

25 82.7 93.9 104.2 

31.5 76.0 88.2 99.1 

63 58.6 73.1 85.9 

125 43.9 60.6 75.6 

250 32.0 50.4 67.5 

500 23.4 43.1 62.1 

1000 20.0 40.0 60.0 

1500 21.4 42.5 63.2 

2000 18.2 39.2 60.0 

3000 14.3 35.6 56.4 

4000 15.1 36.6 57.6 

8000 31.5 51.8 71.7 

2.4 Equipment and validation of the sounds 

During the experiment the participant was located inside a pressure chamber (Figure 1). The 

chamber was located in an anechoic room in in Salo, Finland. The chamber was equipped with a 

ventilation system to maintain good air quality and constant temperature throughout the experiment. 

Frequencies in range 4 – 63 Hz were played by using a loudspeaker and frequencies in range 125 – 

8000 Hz by using headphones. The devices received signal from a sound card (D-audio USB Pre-Amp, 

Duran Audio Ltd., The Netherlands) connected to a computer. 

The SPL was measured and verified individually for all sounds used in the experiment. 

Frequency-wise SPL correction was applied to compensate the anomalies in the frequency response of 

the system. The SPL was verified in range 4 – 63 Hz by using a precision sound level meter (Norsonic 

NOR150), a microphone preamplifier (G.R.A.S. 26CI, Denmark), and a microphone (G.R.A.S. 46AZ, 

Denmark). In range 125 – 8000 Hz, the SPL was verified with a head-and-torso simulator (Brüel&Kjær 

4100, Denmark), a microphone power supply (Bruel&Kjaer 2804, Denmark) , and a portable 

multitrack recorder (TASCAM DR-680MKII, Montebello, USA). MATLAB was used to measure and 

adjust the SPL to match the target values. The frequency dependent diffuse-field correction was 
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applied (Brüel&Kjær Pulse Sound Quality 15.1.0, Denmark), which compensates the amplification of 

SPL at high frequencies caused by the artificial ear of the head-and-torso simulator. 

 

Figure 1 – Overview and the dimensions of the pressure chamber used in the experiment. 

2.5 The experimental procedure 

Each participant rated the annoyance of all sounds in Table 1. One participant at a time conducted 

the experiment by using a computer and a MATLAB based software with a graphical user interface. 

The experiment constituted of 12 phases. In phase 1, the participant read and signed information 

consent form. The phases 2, 3, and 5 included loudness rating which methods and results are not 

presented in this paper. Phase 7 was a hearing threshold test which results are not discussed in this 

paper. Phases 4, 6, and 8 were short voluntary breaks.  

Phase 9 was a rehearsal for annoyance rating to make the participant familiar with the procedure 

and to allow them ask any questions regarding the rating procedure. The participant rated six sounds. 

The ratings given in the rehearsal phase were not analyzed. 

The annoyance rating (phase 10) was conducted in close relationship to standard ISO 15666 (9). 

The participants were inquired a question “How much does the sound bother, disturb, or annoy you?” 

The eleven step response scale was from 0 to 10, where 10 was labeled as “Extremely  annoying” and 

0 as “Not at all”. The participants were instructed to use the full scale and try to make their answers as 

consistent as possible. As some of the sounds were close to the hearing threshold, the participants 

could also respond: “The sound is inaudible”. If the participant felt that the sound was associated with 

other sensations than a hearing sensation, they could express it by selecting a button labeled “Auditive 

sensation is associated with other sensation”. The participants had to listen the sound for 5 seconds 

before they were able to give the rating. The sounds were played in one of four predetermined 

pseudorandom orders. The four orders were decided so that the same sound was never presented at 

same point in different orders. 

In phase 11 the participant described the possible other sensations associated to the played sounds. 

The results are not presented in this paper. After the experiment, the participants received a gift token 

and a short introduction of the goals and impacts of the conducted experiment.  The participants had a 

change to ask any questions related to the experiment. The participants were not informed that the 

experiment included infrasound. The participants stayed in the laboratory on average 2.5 hours. 

2.6 Determination of equal annoyance contours 

The EACs were determined by using the following method: 

1. Mean annoyance of every sound was calculated by using all annoyance ratings.  

2. A linear fit was determined using three mean annoyance values and their corresponding 

SPL by using equation 

1494



 

 

𝐴 = 𝑘𝐿𝑖 + 𝑏, (1) 

where k and b are the coefficients of the linear fit and Li is the SPL. The fit was calculated 

for all 20 frequencies. Figure 2 shows an example of the fit for frequencies 4 and 1000 Hz. 

3. Annoyance of 1000 Hz at SPLs 20, 40, and 50 dB was selected to be the basic points of the 

EACs. The annoyance values corresponding to these levels (A20, A40, A50) were calculated 

by using equation (1). 

4. SPL corresponding to annoyance A20, A40, and A50 was calculated in all frequencies by 

using equation 

𝐿 = (𝐴𝑖 − 𝑏)/𝑘, (2) 

where b and k are the linear fit coefficient of the frequency and Ai=(A20, A40, A50). Figure 2 

shows an example of SPL calculation for frequencies 4 and 1000 Hz. 

Figure 2 – A visualization of the linear fit to the mean annoyance for frequencies 4 and 1000 Hz. The 

arrows demonstrate how the SPL corresponding annoyance A20, A40, and A50 is calculated. The annoyance 

values were A20 = 4.1, A40 = 5.5, and A50 = 6.8. 

3. RESULTS 

The calculated mean annoyance values as a function of frequency are shown in Figure 3a. Figure 3b 

includes the three EACs in frequency range 4 – 1000 Hz calculated according to the method described 

in Section 2.6. 

4. DISCUSSION 

4.1 Findings 

High mean annoyance values were achieved for frequencies 2000 Hz onwards. This suggests that in 

our experiment high frequency sounds were usually perceived more annoying than infrasound.  

SPL yielding equal annoyance increases with decreasing frequency. For infrasound our EACs have 

SPL values over 100 dB. The three EACs are much closer to each other in frequencies below 31.5 Hz 

than in frequency region 125 – 1000 Hz. This suggest that a small increment in SPL in low frequencies 

can increase the perceived annoyance rather much.  

We only calculated the EACs in frequency range 4 – 1000 Hz because it was not possible to 

determine EACs reliably above 1000 Hz.  
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Figure 3 – a) The mean annoyance ratings of all sounds in the experiment as a function of frequency. The 

annoyance response scale was from 0 to 10. b) Three equal annoyance contours as a function of frequency. 

Equal annoyance contour describes the SPL where the sounds are perceived equally annoying. The hearing 

threshold is composed from references (3) and (10).  

4.2 Comparison with other studies 

Andresen and Møller (5) have published EACs in frequency range 4 – 1000 Hz. They reported 

annoyance in frequencies 4, 8, 16, 31.5, and 1000 Hz, while we reported annoyance contours by using 

15 frequencies. Their EACs with base point at 20 dB and 40 dB in 1000 Hz can be compared to our 

contours. They found equal relationship that smaller frequencies require higher SPL to be perceived 

equally annoying as high frequencies. Further, they describe that the EACs are very close to each other 

in infrasound. We noticed the same phenomenon. However, our curves had higher SPL than those of 

reference (5). The difference was about 15 dB for some frequencies. Further research is needed to 

investigate the reason for the difference. One must note that our results involve only seven participants 

and the uncertainty can be high. 

4.3 Future research 

Annoyance of infrasound with SPL closer to hearing threshold (under 20 phon) should be examined. 

EACs are very close to each other in infrasound region. This suggest that small increments in  SPL in 

infrasound can have a significant impact on perceived annoyance. Thus, infrasound with SPL slightly 

over the hearing threshold can be annoying. 

5. CONCLUSIONS 

An experiment was conducted to determine equal annoyance contours (EACs) in frequency range 

4 – 1000 Hz. EACs were calculated for three levels, having basepoints at SPL of 20, 40, and 50 dB at 

1000 Hz. SPL yielding equal annoyance increased with decreasing frequency. From 31.5 Hz and below 

the EACs were much closer to each other than on higher frequencies, suggesting that small increase in 

SPL in low frequencies can increase annoyance significantly. The results were produced from data of 

seven participants and are preliminary. The achieved EACs are preliminary and final contours will be 

published later involving a larger number of participants, hearing thresholds, and equal loudness 

contours. 
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Portable infrasound monitoring device with multiple MEMS pressure sensors

Ryouichi NISHIMURA(1), Zhenglie CUI(2), Yôiti SUZUKI(2)

(1)Resilient ICT Research Center, National Institute of Information and Communications Technology, Japan, ryou@nict.go.jp
(2)Research Institute of Electrical Communication, Tohoku University, Japan, {sai@ais.,yoh@}riec.tohoku.ac.jp

Abstract
Microelectromechanical system (MEMS) sensors are mass-produced and are therefore expected to be available
to produce low-cost devices for infrasound monitoring. A low-cost device is useful in constructing a sensor net-
work with various scales of a few to numerous sensors. To test its feasibility, we developed a device consisting
of 32 MEMS barometric pressure sensors. A laboratory experiment revealed that internal noise increases as a
signal frequency increases, but the noise can be reduced by simple averaging. Based on this fact, we stacked
eight MEMS barometric pressure sensors on a single board to assemble an infrasound monitoring device that
enables detection of a signal with amplitude of more than approximately 5 Pa. A field test was conducted,
deploying them in areas surrounding an active volcano, Sakurajima in Japan. Signals associated with explosive
eruptions were observed clearly in the frequency region of 0.1–5 Hz. The source position was also estimated
using signals obtained at four observation points. The estimated source position showed generally good agree-
ment with that of the volcano crater. Results confirmed that signals around the acoustic cut-off frequency can
be obtained by the device.
Keywords: Infrasound, MEMS sensor, source localization

1 INTRODUCTION
Natural disasters all over the world have recently become frequent and devastating. Such disasters pose increas-
ing threats to human life because they have devastating power and could damage wide areas. Monitoring mete-
orological conditions related to potential disasters is a promising method to mitigate resultant damage caused by
disasters. Infrasound is known to be generated often when a strong geographical or meteorological event occurs
on the earth [1]. Therefore, monitoring infrasound is useful to detect natural events that occur in remote areas
because infrasound propagates long distances in the atmosphere. In fact, Arai et al. reported that infrasound sig-
nals were recorded at some inland observation points in Japan before large tsunami waves struck the northeast
coasts of Japan at the 2011 Tohoku earthquake [2]. One observation point was approximately 270 km distant
from the trench-axis side of the sub-fault, with the largest slip estimated by Fujii et al. [3]. The peak-to-peak
amplitude of the infrasound signal received at the observation point was 64 Pa. Another observation point was
IS30 (Infrasound Station of CTBTO), which was 430 km distant, where an infrasound signal with amplitude of
21–28 Pa was recorded. Le Pichon et al. also reported that infrasound signals associated with tsunami waves
were recorded after the 2004–2005 large Sumatra earthquakes [4]. Considering these facts and their potential
usefulness, infrasound monitoring continues to draw attention in many global research areas [5].
We are considering the use of infrasound especially for the early detection of natural events such as tsunami
waves or explosive eruptions of volcanoes. It is desirable to distribute as many infrasound sensors as possible in
such an application so that they can cover all the areas to be protected. The higher the resolution becomes with
respect to both time and space, the better it is for the early detection of events occurring in an unknown remote
area. However, dense monitoring is currently difficult to achieve because infrasound monitoring facilities need
special equipment and thus expensive. For example, a microbarometer or a set of microphones for infrasound
measurement, which has a precision of less than 1 Pa, costs approximately ten thousand US dollars in Japan.
To circumvent this issue, we developed a measurement device for infrasound monitoring which can be produced
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(a) Top view of the experimental device without
cover.
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(b) Raw data captured by 32 MEMS pressure sensors.

Figure 1. Experimental infrasound measurement device with multiple MEMS sensors.

at modest cost, especially anticipating its application to infrasound monitoring for the early detection of natural
events that pose risks of disaster. We then evaluated the performance of the developed device using field tests
and laboratory tests.

2 DEVELOPMENT OF AN INFRASOUND MEASUREMENT DEVICE
2.1 Experiment device
Microelectromechanical systems (MEMS) technology has made it possible to make smart and extremely com-
pact sensors. In our daily lives, MEMS sensors are now pervasive. Partly because of that, they are available at
low cost. In fact, on some smartphone models, a MEMS barometric pressure sensor is included together with
other sensors to realize various smart functionalities on the telephone. Accordingly, some attempts have been
made to use smartphones to monitor infrasound [6, 7]. Our earlier study found that a single MEMS barometric
pressure sensor could not achieve satisfactory precision for monitoring infrasound that we particularly examine
herein, such as that associated with a volcanic eruption or a tsunami [8]. Considering the infrasound wavelength
is sufficiently long compared with human-audible sound, displacement of sensors by some centimeters can be
ignored. Therefore, we first developed an experimental measurement device that consists of a single-board mi-
crocomputer, Raspberry Pi 3, combined with 32 MEMS barometric pressure sensors (BME280; Bosch GmbH).
The host computer gathers sensor data using a serial peripheral interface (SPI). The experimental measurement
device was manufactured by Toho Mercantile Co., Ltd. The top view of the developed experimental device is
portrayed in Fig. 1(a). When multiple sensors are used simultaneously, data are first read sequentially from the
memory of each sensor. They are then averaged and stored in the host computer.
A preliminary test was conducted to elucidate effects of using multiple sensors simultaneously. The experimental
measurement device was placed on a desk in a meeting room on the fourth floor of the research institute. The
building is located between downtown Sendai, Japan and its suburbs 10 km inland in a straight line from the
Pacific coast. The device continuously records the pressure signal during a winter night. It has no function to
take samples at precise constant intervals based on some reference clock signal. Therefore, the time information
of each sampling was also recorded in UNIX time format. According to this information, the most frequent
value of the sampling interval was 3.9 ms, i.e., 256 Hz, but sometimes with shorter or larger intervals. The
empirical cumulative function of the sampling intervals indicates that approximately 80% of them were shorter
than 5 ms and that more than 99% were shorter than 5.5 ms. Therefore, the observed data were resampled at
a sampling rate of 200 Hz using the recorded time information with linear interpolation. Raw data accumulated
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Figure 2. Block diagram of the measurement and analysis.
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Figure 3. Effects of using multiple MEMS pressure sensors for infrasound measurement.

by each MEMS pressure sensor are shown in Fig. 1(b). As this figure shows, they have a considerable variance
in their direct current components.

2.2 Data analysis
A block diagram of the whole analysis process is depicted in Fig. 2. Data recorded between 1:00 am and
4:00 am in the night were used for the analysis because it is expected that artificial noise is at the lowest
level of the day. The extracted data were segmented into frames of 32,768 points with 50% overlap using
a Hanning window. Frequency analysis was applied to each frame and then accumulated to derive the mean
power spectrum of the data, which can be regarded as the mean power spectrum of ambient noise in the night.
The total number of frames was 130. The number of MEMS pressure sensors involved in the measurement
was varied: 1, 2, 4, 8, 16, and 32. The results are presented in Fig. 3(a). As this figure shows, the level
of the power spectrum decreases as the number of involved MEMS sensors increases. Results suggest that
uncorrelated system noise exists and that its remaining power can be reduced by arithmetic mean operation
using multiple MEMS sensors. An increase near 0.2 Hz visible in the results of 32 MEMS sensors can be
regarded as microbaroms.
This figure also implies that the spectrum curves are more or less parallel at frequencies above 0.2 Hz. The
system noise can be regarded as dominant in this frequency region. Therefore, the noise level was evaluated
quantitatively, assuming that the standard deviation of the signal extracted using a band-pass filter corresponding
to this frequency band can be regarded as system noise. The cutoff frequency of the band-pass filter was set as
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(a) Front view (b) Top view (c) Bird’s-eye view

Figure 4. Appearance of the developed infrasound measurement device.

0.2 Hz for the lower side and 5 Hz for the higher side to exclude ambient noise effects. Actual measurements
were taken by up to 32 MEMS sensors and extended to 1024 sensors using linear extrapolation based on the
least squared error. The results are presented in Fig. 3(b), where the red dashed line represents 3σ , which is
regarded as the threshold level of a detectable signal in a noisy environment whose noise level is σ . Based on
this result, eight MEMS sensors will be necessary to detect an infrasound signal having amplitude of approxi-
mately one pascal. Considering this finding obtained using the investigation with the experimental measurement
device, we decided to use eight MEMS sensors to build an infrasound measurement device.

2.3 Developed infrasound measurement device
The shape of the developed device is presented in Fig. 4. An air inlet and a connector for the power supply
are placed on the rear of the device. The box, which is 12 cm wide and deep and 10 cm high, consists of
eight MEMS sensors (BME280; Bosch GmbH) combined with a single-board microcomputer (Raspberry Pi 3)
and other IC chips. A global positioning system (GPS) module is mounted on the device for time correction.
Sensor data are gathered at a sampling rate of approximately 85 Hz. The obtained data are resampled at
a sampling rate of 40 Hz as post-processing to produce a set of data sampled at an equal interval. This
resampling process was applied to the pooled data acquired by all measurement devices to make the sampling
times equal among them. According to the BME280 specifications, it has a function to improve signal-to-noise
ratio by averaging consecutive multiple samples at the sacrifice of sampling rate. Combining this function, one
sample datum is obtained by averaging over four temporary consecutive samples using the function of each
sensor and then averaging over all eight sensors on each device. Times of the devices are synchronized using
GPS signals captured by the GPS module or using Network Time Protocol (NTP) over the internet, depending
on the circumstances of the observation point. The time adjustment accuracy depends on the network condition
when NTP is used. In a wired network, synchronization with an upper server is possible with an offset of less
than a few milliseconds. If it is in a wireless environment, then the offset can increase by a digit, according to
our preliminary test.

3 APPLICATION TO INFRASOUND MEASUREMENT
3.1 Field test setup
A field test was conducted using the developed infrasound measurement device. The objective of the test in-
cludes evaluation of practicality, usability, and endurance as well as acquisition of actual data for the following
study of sound source localization. For the field test, the developed infrasound monitoring devices are distributed
around an active volcano within 20 km distance to record infrasound generated by an explosive volcanic erup-
tion. Sakurajima, an active volcano in Japan, is located in the southernmost part of Kyushu Island. Four devices
were distributed as shown in Fig. 5. Information related to the four observation sites is presented in Table 1.
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Figure 5. Placement of the measurement devices.

Time synchronization is realized using GPS on the device at Site #2 and NTP over a Long-Term Evolution

Table 1. Information for the four measurement sites

Site Distance [km] Device location Time adjustment
#1 12.5 In the woods NTP
#2 10.9 On top of a four-story building NTP
#3 5.3 On top of a three-story building GPS
#4 18.0 On top of a four-story building NTP

(LTE) network at other sites. Each infrasound measurement device maintains continuous recording and periodi-
cally sends acquired data to the server to avoid data overflow of storage inside the device.
The arrival time difference was measured based on cross-correlation of signals acquired by each pair of ob-
servation sites. Calculation of the cross-correlation was performed only for the 180 s time frame where an
infrasound signal associated with explosive eruption of Sakurajima volcano was apparently included. Infor-
mation about Sakurajima eruptions is available from the Japan Meteorological Agency. Before calculation of
cross-correlation, the signal was filtered by a band-pass filter with cut-off frequency of 0.1 Hz for the lower
side and 5 Hz for the higher side to examine the frequency band in which an infrasound signal of volcanic
eruption has dominant power. For this calculation, the speed of sound was assumed as 340 m/s.

3.2 Sound source localization
An example of the signals recorded using the deployed devices is presented in Fig. 6(a). For comparison, each
signal is shifted so that the mean values are separated by 50 Pa. The sound arrival time differs in accordance
with differences of the travel distances. Many studies have examined sound localization: some have examined
infrasound [9]; others have investigated usual human audible sound [10]. An estimate of the exact source posi-
tion can be obtained by application of these methods. However, to ease comprehension of the contributions of
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Figure 6. Source location estimation.

each sensor, we directly draw a hyperbola based on arrival time differences between pairs of sensors. Hyper-
bolae indicate equally distant places from a pair of devices. The canonical form of hyperbola on the x-y plane
can be represented as

x2

a2 −
y2

b2 = 1, (1)

where (−a,0) and (a,0) are the intersection points on the x-axis and where (−
√

a2 +b2,0) and (
√

a2 +b2,0)
are the foci. In our scenario, 2a represents the distance that sound can travel in the time interval equivalent to
the observed arrival time difference. Another parameter b is obtained such that the distance between the two
measurement sites equals 2

√
a2 +b2. The intersection point of all the hyperbolae is regarded as an estimate of

the source position. Results are presented in Fig. 6(b). As this figure shows, the source position is estimated
using infrasound signals. Precision of the estimation depends on measurement conditions including wind and
sound pressure level. If no disturbance exists, then all hyperbolae must intersect at a single point.
Assuming that infrasound measurement devices are placed on the coast, a source position more than a hundred
kilometers distant from observation points is necessary for early warning of tsunami waves. Kuchinoerabujima
Island is approximately 130 km distant from Sakurajima. Results for the eruption of the volcano located in
Kuchinoerabujima Island are shown in Fig. 7. The estimated sound source position is not so far from the
island. The epicenter of the 2011 Tohoku earthquake was estimated as 130 km distant from the coast. The
distance of monitoring sensors from the sound source at Kuchinoerabujima Island is comparable to this distance.
Sound pressure observed in this case is approximately 10 Pa peak-to-peak. This amplitude is smaller than that
observed using a microbarometer placed in inland Japan when the 2011 Tohoku earthquake occurred. Therefore,
the developed measurement device can be expected to be useful for monitoring infrasound associated with an
event that might cause a natural disaster.

4 DISCUSSION
Wind is a loud noise that is invariably included in outdoor measurements. It has approximately the same fre-
quency as infrasound. Therefore, separation of infrasound signals from wind noise is an important task for
development of this method. A method based on the statistical characteristics of wind has been reported [7].
If multiple microphones are available, other methodologies can be applied to accumulate information from ob-
servation points that are mutually distant. Thereby, one can ascertain whether the signal is wind noise. Further
investigation of this point must be undertaken in future works.
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Figure 8. Frequency band decomposition of the signal recorded by the developed device.

Time synchronization among measuring devices is important especially because the arrival time difference is
used for estimating the sound source position. As described above, the accuracy of time synchronization over
wireless network is not good. For a wireless communication environment, a mobile network time protocol
(MNTP) has been proposed to improve time synchronization performance [11]. Use of this technique might
help when using GPS is difficult for some reason.
The frequency of infrasound generated by tsunami waves is reported as markedly lower than that of volcanic
eruption. Figure 8 presents an example of the band-limited signals of the data acquired at Site #3. These signals
are obtained through consecutive application of low-pass filtering and down-sampling. Spikes appearing in the
two higher frequency bands are probably associated with volcanic eruptions. However, it seems that some signal
exists in the lowest frequency band, although the signal origin is not clear.

5 CONCLUSIONS
We developed an infrasound measurement device combining MEMS barometric pressure sensors with a single-
board microcomputer to make it available at a modest cost, aiming at a sensor network for infrasound mon-
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itoring. Its practical usefulness was verified through a long-term operation test in which infrasound generated
by volcanic eruptions was measured continuously in the field. Four devices distributed within 20 km around a
volcano localized the estimated sound source to within a range of 1 km from the volcano crater, depending on
the signal-to-noise ratio of observed signals. For its practical use in tsunami early warning systems, we expect
that the developed device is capable of observing the generated infrasound with respect to the available range of
sound source localization and detectable sound pressure of the signal. Estimation of sound source information
using signal processing considering propagation characteristics specific to very low frequencies is a research
topic in the future.
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ABSTRACT 
Infrasound research activities in Kochi University of Technology will be presented. Infrasound observation 
network by using multiple comprehensive-type infrasound sensors was established recently in Kochi, Japan. 
Main purpose of the sensing network is for disaster mitigation/prevention mainly for tsunami, indicating a 
good application of infrasound sensing. If we can detect infrasonic waves before coming real tsunami waves 
to sea shore, it can effectively be used for saving human lives from the flood of sea water. However, the 
sensors can also detect many types of natural and artificial low-frequency audible sound and infrasound. It 
means the network sensing system can be applied to safe human life by means of emergency level alert to 
local citizens like weather forecasts. Moreover, we recently tried to evaluate wind turbine low-frequency 
audible/infrasonic noise affection for human health. In a vicinity of two wind turbines we measured sound 
field environment by using audible/infrasonic sensors together with biological information sensing system 
with multiple methods with respect to more than 30 human subjects/testers. With recent progress of 
biological information sensor technology, we can use them freely outside but many kinds of artifacts can also 
affect real signals of heart beat and brain wave measurements like our noise hearings. 

Keywords: Infrasound, Sensor network, Tsunami, Disaster mitigation, Wind turbines 

1. INTRODUCTION 
Infrasound is known as large wavelength sonic wave that frequency is below the human audible 

lower limit of 20 Hz. The infrasound can be used for possible remote-sensing in atmosphere especially 
for the huge scale explosive events. In the infrasound laboratory in Kochi University of Technology, it 
has been used for detection of Hayabusa reentry in 2010 (1) as well as some icy environmental proxy 
monitoring in Antarctic (2), for example. 

If we imagine the infrasound of 1 Hz with assuming the sound speed of 340 m/s, the wavelength 
becomes also 340 m hence the half-wavelength becomes 170 m. If we imagine again that a massive 
iron plate with 170 m square is suddenly uplifted, the plate can push the air on the plane to upward then 
it makes infrasound of 1 Hz because of the resonance between the scale size of uplifted plate and the 
half-wavelength of the sound. It is like a huge drum or a huge speaker on the surface of the plate. 
Therefore, in an analogy to the larger scale size, if we have any geophysical events like landslide, 
avalanche, thunder, volcanic eruption, earthquake, and tsunami, resonance infrasound can effectively 
generated on their surface and propagate in the atmosphere. As the infrasound can propagate with the 
speed of sound as same as the audible sound, it can be used as the remote sensing in the Earth’s 
atmosphere. Moreover, infrasound or low frequency sound itself has characteristics of long distant 
propagation because damping/attenuating by molecule viscosity is inverse proportional to a square of 
frequency. In nature, it was observed that the infrasound induced by tsunami just after the main shock 
of the 3.11 Tohoku earthquake (M=9.0) in 2011 propagated more than half globe of the Earth. Here we 
show a possibility of using infrasound for disaster mitigation for estimating source region and energy 
of some geophysical events. We currently tried to construct a prefectural level dense infrasound sensor 
network in Kochi, Japan for testing such activities. 

Another topic is for investigating the wind turbine noise in infrasound and low-frequency audible 
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range. The infrasound sensor can be used with some biological information sensing devices that can 
easily in use outdoors. We investigated the correlation between the degrees of stress/relaxation at the 
both sites of experimental places with/without wind turbines for 29 subject persons for the experiment. 

2. DENSE INFRASOUND SENSOR NETWORK FOR DISASTER MITIGTION 

2.1 Silent Sound Generated by a 100 km Scale Loud Speaker on Ocean Surface 
When the huge earthquake happens at the deep location in the crust of the Earth beneath the seabed, 

uplift or subsidence is occurred, then it makes also uplift or subsidence on ocean surface, triggering the 
tsunami. As the speed of tsunami wave is proportional to the square root of the ocean depth, it can 
became effectively slow when it reaches continental shelf to sea shore region and sea water coming 
afterward can catch up the former water then makes the wave amplitude higher and attack the sea coast 
as a severe disaster. At the same time, induced infrasound can propagate in the atmosphere to the sea 
coast with a speed of sound without any slowdown (Figure 1). Thus, if we can observe the variation of 
the infrasound signal at along the coast lines, some information of the tsunami source area might be 
obtained before the tsunami attacks. Since the region of uplift/subsidence is about 100 km scale for the 
huge scale tsunami, 1 wavelength of resonant infrasound should be about 200 km, namely 1 period of 
600 s. The frequency of this infrasound is 1/600 Hz, about 1.6 mHz. 

In order to detect the infrasound induced by the tsunami source area, we developed an infrasound 
sensor with SAYA Co. in 2015. The specification of the SAYA ADXII-INF01C sensor is as shown in 
Figure 1. Important thing is to measure 1 mHz order pressure change for tsunami infrasound, whereas 
if the cases of volcanic eruptions, for example, frequency range is about 2-order higher than that of 
tsunami because of the scale size of a volcanic crater. It is like an Earth scale pipe organ. 

Figure 1 – Infrasound sensor and possible mechanism of infrasound generation by tsunami 

2.2 Sensor Network Distribution in Japan 
When we imagine the detection of the tsunami induced infrasound signal for disaster mitigation, 

dense sensor network should be constructed depends on the scale of corresponding geophysical events. 
As for the tsunami disaster mitigation we need to expand our infrasound sensors as in a scale of 25 km, 
therefore we designed 3-scale arrayed distribution for dense sensor network in our region. Here, we 
constructed 2 sets of 2 km scale arrays, some sets of 8 km scale ones, and 2 sets of 25 km scale ones.

Inside Kochi prefecture shown in an orange rectangle in Figure 2, we distributed 15 infrasound 
sensors in 2017. The sensor network was spread to the other area in Japan as is also shown in the figure 
(yellow filled circles). With combining multiple-site infrasound observations, it can be expected that 
an appropriate scale and shape of the tsunami uplift region will be able to be measured with using the
remote infrasonic sounding. Currently we are trying to know the infrasound signal pattern to be 
measured at any of the expecting observatories in Japan area by using the precise seabed topographic 
map information with having the largest assumption of the Nankai Trough earthquake. 
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The sensor itself has a measurement function not only of the infrasound sensor with 5 Hz sampling 
but also of MEMS 3-axis accelerometer, thermometer, barometer, and GPS time, thus we call it a 
comprehensive infrasound sensor. The data handling by using a network rooter with a SIM card is 
applied for usual operation, which can be confirmed on web pages in quasi real time (3). 

Figure 2 – Infrasound sensor network established in Japan as of May 2019 

 Figure 3 – Infrasound signal of Mt. Aso volcanic eruption by arrayed sensor network in Kochi   

2.3 Infrasound sensing and simulation in upper atmosphere 
In 2017, we developed a small microphone type infrasound sensor SAYA INF03 in order to try to 

measure the infrasound aboard a large balloon of ESA BEXUS-24 launched from ESRANGE, Sweden 
and successfully measured low-frequency audible sound and infrasound up to 11 km. Then, the 
infrasound microphone type infrasound sensor was extended to the rocket-borne type and successfully 
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launched on May 4, 2019 to the thermosphere at about 113 km by using the first venture company 
sounding rocket (Interstellar Technologies, Momo3) reached to the space (above 100 km) in Japan. 
The infrasound sensor detected fluctuated sound pressure change induced by fireworks that were 
exploded at about 100 m from the ground prior to the rocket launch. 

As for the sound propagation in the Earth’s atmosphere, it has been investigated since the space era 
from 1950’s. Currently, we have already studied on atmospheric parameter profiles in basics and some 
atmospheric model can also be used for scientific researches. However, if we try to investigate the 
precise propagation process of the sound/infrasound in the middle and upper atmosphere. It is clearly 
affected by the vertical profile of the local wind velocity and direction as well as atmospheric 
temperature. 

We investigated some of the dataset of infrasound signal observed at Kochi area during 
2016-2018, with searching any volcanic eruption signals detected on the multiple-site infrasound 
records. Moreover, we have developed a sound propagation model in 3D space with using some 
available model atmosphere with changing local wind profiles. The comparison between the 
simulated infrasound propagation and the real observation datasets provides us some fruitful 
information in sound propagation mechanism in rafefied upper atmosphere. 

Grid search algorithm was also applied to the volcanic eruption datasets previously observed in 
Kyushu Island by using 3 infrasound sensors, and successfully found the location of Mt. Sakurajima 
with the developed algorithm (4). 

2.4 The other application of infrasound sensing 
As for the other application of the infrasound sensing, we recently tried to obtain environmental 

information about the infrasound generated at the wind power plant and propagated in the atmosphere 
in the vicinity of the wind turbines. The wind turbine is known as one of the existing artificial 
sound/infrasound source, however, due to the limitation of available infrasound sensors, the 
information about the wind turbine infrasound is limited. In the previous studies, even in the situation 
of lower amplitude of the low-frequency sound range rather than the ISO sensitivity curve of the 
human audible sound, some reports described possible effect of the low-frequency sound or infrasound 
on the human health, nevertheless the sound cannot be listened to. 

We developed a recorder system with using an electroencephalography (EEG) sensor for brain 
waves as well as the pulse wave sensor (PWS). Since the both of EEG and PWS are low-cost and 
portable sensors, we can use the recorder system with the both sensors outdoor, thus we can conduct 
biological information sensing at the appropriate places with/without wind turbines (5). The result is 
rather variated than that we expected before and we have to summarize it with having medium values 
for 29 subjects, however, the slight tendency of the infrasound influence was found although it might 
be still argued. 

3. CONCLUSIONS 
In this paper we introduced the recent research activities with infrasound sensing in Kochi 

University of Technology. We developed some types of infrasound sensors with SAYA Co. since 2015 
and distributed 30 comprehensive infrasound sensors of ADXII-INF01C, etc. with making arrayed 
sensor network in 2 km, 8 km, and 25 km scale in Kochi in 2017. Many geophysical events as volcanic 
eruptions, thunder storms, typhoon passages, meteorites, etc. have been recorded in multiple-site 
arrayed observation and successful analyses of source direction/position finding by using grid search 
algorithm as well as comparison to 3D simulation of infrasound propagation in middle and upper 
atmosphere. 
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EXTENDED ABSTRACT 

 

Background: The acute psychological effects of aircraft noise have mostly been investigated in healthy 

adults so far. Recent noise effects research is increasingly focusing on individuals particularly sensitive to 

harmful noise effects. These vulnerable groups include, above all, children. Children are seen to be more at 

risk to the negative effects of noise due to a sensitive developmental period (1), and they have less-developed 

coping strategies (1,2). Almost no studies exist on effects of nocturnal aircraft noise on short-term annoyance 

response in children. We aimed at closing this research gap by means of the present field study. 

 

Methods: We studied the impact of nocturnal aircraft noise on short-term annoyance in a field study 

conducted around Cologne/Bonn Airport in 51 children aged 8 to 10 years. Children were examined at home 

during four consecutive nights. During all nights, aircraft noise exposure was recorded inside the children`s 

bedrooms. Aircraft noise metrics such as number of aircraft noise events per night were calculated based on 

these measurements. Short-term annoyance ratings were carried out retrospectively each morning, 30 min 

after wake-up. It was measured by a question recommended by the International Commission on Biological 

Effects of Noise (ICBEN) (3, 4). Information on relevant psychological factors which may have a moderating 

effect on the relation between noise exposure and annoyance was obtained in personal interviews with the 

children on the first study day. Besides demographical data, questions referred to perception and evaluation 

of air traffic in the residential area, to attitudes towards air traffic, and to personal variables such as children`s 

sensitivity to noise. Children received a detailed explanation of all scales. 

 

Results: A short-term annoyance model for children was developed by using random effects logistic 

regression. The categories 3 (“moderately disturbed or annoyed”) to 5 (“very disturbed or annoyed”) of the 

original five-point annoyance scale were combined into one value according to a binary variable (1 = 

annoyed, 0 = not annoyed). In this way, children feeling moderately annoyed by aircraft noise were regarded 

in addition to the proportion of highly annoyed (5-7). As noise-induced annoyance response in children was 

hypothesized to be based on the same psychological concept as in adults (2,8), it was assumed that both 

acoustical and non-acoustical factors have an effect. The pre-selection of potential predictors for the new 

children`s annoyance model was based on both own experience from studies in adults and literature review. 

The decision as to whether a variable was included in the model was based on the p-value and the AIC 

(Akaike Information Criterion). Only factors were included that showed at least a trend for an effect on 

annoyance (p  .10). Forward selection was conducted until there was no improvement of the AIC. For none 

of the aircraft noise metrics including number of aircraft noise events an effect on noise annoyance was found 

(all p  0.6). Odds ratios of all noise metrics were close to 1, i.e. there was almost no effect of noise exposure 

on odds of annoyance response. A variety of psychological factors were also tested for a contribution to 

annoyance. As a first psychological variable, noise sensitivity was included as ample evidence exists for its 

influence on traffic noise-induced annoyance (for a review cf. 9,10). In a second step, attitudes were regarded 
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as important factor, since attitudes towards air traffic have also been described as relevant predictors of noise 

annoyance (for a review cf. 9,10). Further non-acoustical factors were tested for significance and 

improvement of the model fit. The best annoyance model included noise sensitivity (p=0.019, OR=2.099, 

95% CI 1.131-3.897), attitude “aircrafts are dangerous” (p=0.066, OR=1.718, 95% CI 0.965-3.058), and 

coping behavior in the presence of aircraft noise (p=0.094, OR=1.438, 95% CI 0.939-2.202). The attempt to 

integrate established aircraft noise metrics such as number of nocturnal flyovers in the final annoyance model 

failed since model quality was not improved in terms of AIC.  

 

Conclusions: In noise effects research it is well known that the influence of psychosocial moderator 

variables in adult`s annoyance reactions is at least as important as the noise exposure itself (5,6,10-13). 

However, according to the present data, this rule of thumb obviously does not apply to children since their 

aircraft noise-induced short-term annoyance response was not influenced by any noise metric such as number 

of nocturnal overflights. Noise sensitivity and attitudes towards air traffic, however, had a significant effect.  

 

Keywords: aircraft noise, children, annoyance, field study 
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EXTENDED ABSTRACT 

Background: Traffic noise is a growing and serious environmental problem due to its association 

with health risk, sleep disturbances and annoyance. In particular, annoyance is seen as the most 

important adverse effect (1) and as one of the first and widespread reactions to noise (2). Since many 

traffic noise studies are based on laboratory surveys or exhibit shortcomings in noise measurement, 

there is a lack of valid exposure-response relationships between traffic noise and annoyance. To fill 

this gap for road traffic, precise measurements of noise parameters (e.g. A-weighted energy equivalent 

sound pressure level [LAeq]) are needed.  

In addition to the acoustical characteristics of the noise event itself also non-acoustical moderators 

have an important effect on the development of annoyance (3). Therefore we were interested in effects 

of both non-acoustical and acoustical influences of road traffic noise on short-term annoyance. 

Furthermore we intended to explore the effect of different noise sources on annoyance by comparing 

data of road traffic with those of aircraft and railway traffic.  

 

Method: Forty healthy participants (mean age = 29.1; SD = 11.7; 26 females) were studied at their 

homes in areas with moderate nighttime road traffic in the vicinity of Cologne and Bonn (Germany). 

On four consecutive mornings the participants completed a questionnaire that asked for their 

subjective sleep quality (4) as well as their annoyance (ICBEN-Scale 1 = “not at all” to 5 = “extremely 

annoyed”) and their perceived noise load due to road traffic noise in the previous night. Further 

questionnaires were applied to capture psychological variables (e.g. the perceived degree of having 

adapted to road traffic noise). Measurements of acoustic parameters were undertaken inside the 

residents’ bedroom. Based on these recordings the LAeq per night was calculated. We used a 

generalized estimating equation (GEE) with the stepwise forward selection process conside ring 

significance of the predictors and improvement of the QIC to find the statistical model that fitted the 

data best. According to the final model we derived an exposure-response curve for road traffic 

noise-induced annoyance.  

In a further analysis the road traffic data were combined with those from two earlier field studies in 

which the effect of nocturnal railway noise (5) and aircraft noise (6) on residents’ annoyance in the 

vicinity of Cologne and Bonn were investigated. The pooled data sets were used to develop a 

comparative statistical model of annoyance due to road traffic, railway and aircraft noise (using a 

forward selection procedure as described above). 

 

Results: The analysis of the road traffic data was based on a total of 29691 road traffic noise events 

with an average of approximately 189 passing vehicles per night. We recorded traffic noise events with 

the LAeq ranging from 18.4 dB(A) to 44.8 dB(A). The average annoyance rating was 1.76 (± 0.9). The 

GEE revealed a statistically significant rise in the annoyance with increasing LAeq from road traffic 

noise (p = .023, OR = 1.159). The extent of the perceived noise load had a reinforcing effect (p < .001, 

OR = 44.606), whereas a high subjective sleep quality had a reducing effect (p = .007, OR =  .924) on 

annoyance.  

In the pooled data set annoyance increased again with increase in LAeq (p =.001, OR = 1.043) across 

all types of traffic noise. In contrast, the perceived degree of an individual’s adaptation to the 

                                                        
1
 sarah.weidenfeld@dlr.de 
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respective noise source reduced annoyance (p < .001, OR = .528). The probability to be annoyed 

turned out to be higher for road traffic noise than for aircraft noise (p = .001, OR = 3.026), whereas 

railway noise didn’t differ from aircraft noise (reference) in its impact on annoyance (p = .079, OR = 

1.812). 

 

Conclusion: The current field-study on road traffic noise emphasizes the importance of subjective 

sleep quality for annoyance responses and delivers a prediction model for road traffic noise -induced 

nocturnal short-term annoyance in areas with moderate traffic. Additionally, the analysis of the pooled 

data set revealed an important influence of the perceived degree of an individual’s adaptation and 

showed that the extent of annoyance tends to vary depending on the respective noise source. The LAeq 

proved to be a significant acoustical predictor of annoyance when taking noise from different traffic 

sources into consideration. Since the moderate nocturnal road traffic of  the investigated areas led to 

rather low annoyance levels, prospective investigations should be extended to residential areas with 

dense road traffic. 

 

Keywords: traffic noise, annoyance, field-study, LAeq 
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2. METHODS 

2.1 Social Surveys 

The Ministry of Environment initiated nation-wide social surveys on Shinkansen railway noise in 
2014 and 2017 in areas along the Shinkansen railway that have 40 to 340 trains pass-byes per day. 
Social surveys were conducted in 34 areas, as shown in Table 1 and Figure 1. There were 7, 8, 5, 10, 
3, and 1 areas along the Tokaido, Sanyo, Kyushu, Tohoku, Jyoetsu, and Hokuriku Shinkansen lines, 
respectively. Although the Tokaido and Sanyo lines were operated before Environmental Quality 
Standards for Shinkansen Superexpress Railway Noise was established, the other lines were operated 
after the establishment. The number of Shinkansen train pass-byes in the survey areas is 40-340/day, 
as shown in Figure 2. When the number of pass-byes per day is divided into four categories 
(40-90/day, 90-190/day, 190-290/day, and 290-340/day), there are 10, 9, 5, and 10 areas in each 
category, respectively. 

A face-to-face interview method was used. Forty questions were asked on house, residential 
environment, annoyance caused by environmental factors, activity interferences by Shinkansen 
railway noise, and sleep quality. Houses were selected in the area within approximately 150 m of a 1 
km long strip of railway. The number of respondents (response rate, %) in the 2014 and 2017 surveys 
was 1,180 (31.0) and 293 (35.8), respectively. 

Annoyance was evaluated verbally on a 5-point Likert scale (not at all, slightly, moderately, very, 
and extremely). Activity interferences (telephone/TV/radio listening, indoor conversation, sleeping, 
reading, and indoor resting) were evaluated with “yes” or “no,” and if the answer was “yes,” sleep 
disturbance was further evaluated on a 4-point frequency scale (not at all, occasionally, once or twice 
a week, and more than three times a week). % Very Annoyed (%VA) was defined as the rate of 
respondents who selected “extremely” or “very” at the sites. % Disturbed (%D) for daytime activities 
was defined as the rate of respondents who selected “yes” at the sites. %Very Sleep Disturbed (%VSD) 
for sleep disturbances was defined as the rate of respondents who selected “yes” and “more than three 
times a week” at the sites. 

Table 1 – Social survey areas 

 

2.2 Noise Measurement 

Shinkansen railway noise levels were measured by the Ministry of Environment at reference 
points in 34 areas through social surveys in 2012, 2013, and 2017. The noise measurements were 
performed at No. 1-17 in 2012, No. 18-27 in 2013, and No. 28-35 in 2017. The reference points were 
positioned 25 m from the railway in 2012 and 2013, and 12.5, 25, 50, and 100 m from the railway in 
2017. A-weighted sound pressure level with a 1 s time constant was measured every 1 s during the 
passage of a Shinkansen train. LA,Smax or energy averaged indices, such as LAeq,24h and Lden, were 
calculated from the level records. 

Furthermore, distance reduction equations were formulated using the measurement in 2017. Noise 
exposure levels were estimated at the facades of the houses with the distance reduction equations. 

Survey year Shinkansen line Area No. Number of respondents Response rate (%)

2014 Tokaido 1, 2, 3, 18, 19 211 27.4

Sanyo 4, 5, 6, 7, 21, 22 252 28.9

Kyusyu 8, 9, 23, 24 169 29.3

Tohoku 10, 11, 12, 13, 14, 25, 26 347 34.7

Jyoetysu 15, 16, 27 158 35.1

Hokuriku 17 43 30.7

All lines - 1,180 31.0

2017 Tokaido 28, 29 98 32.7

Sanyo 30, 31 98 32.7

Kyusyu 32 51 34.0

Tohoku 33, 34, 35 46 66.7

All lines - 293 35.8
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Table 3). The environmental quality standard values are 70 dB and 75 dB depending on the area 
characteristic. Because various noise countermeasures have been taken along the railways, the 
number of respondents exposed to more than 75 dB is currently low. 

Table 2 – Distribution of demographic variables 

 
Table 3 – Sample size according to maximum noise level 

 

3.3 Relationship between Noise Exposure and Annoyance 

Figure 3 (a) and (b) show the relationship between LA,Smax and %VA, and between Lden and %VA, 
respectively. There is no clear difference between the two relationships; %VA increases as noise 
exposure increases in both.  
 (a) LA,Smax against %VA                          (b) Lden against %VA 

  
Figure 3 – Exposure-%VA relationships 

3.4 Relationship between Noise Exposure and Listening / Sleep Disturbances 

%D for listening is 30 % or more in the range of 70-75 dB for LA,Smax and in the range of 55-60 dB 
for Lden (see Figure 4). %VSD is less than 10% over the whole noise exposure range (see Figure 5). 
Sleep disturbance is much less than listening disturbance because Shinkansen trains are operated only 
from 06:00 to 24:00. 

Item Category sample (%) % Very Annoyed

Resident Y<10 24.7 28.6

10≤Y 75.3 28.1

Age <30 5.2 21.9

30s 8.5 29.2

40s 10.9 33.1

50s 12.4 29.3

60s 26.8 32.4

70s 36.2 21.6

Sex female 57.5 25.1

male 42.5 29.6

Item Category 40-90/day 90-190/day 190-290/day 290-340/day

Sample Size L A,smax <65 201 177 127 234

65≤ L A,smax <70 147 103 51 148

70≤ L A,smax <75 60 61 29 52

75≤ L A,smax 7 32 16 10
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  (a) LA,Smax against %D for listening                (b) Lden against %D for listening 

      
Figure 4 – Exposure-%D relationships 

 
   (a) LA,Smax against %VSD                        (b) Lden against %VSD 

      
Figure 5 – Exposure-%VSD relationships 

3.5 Effect of Number of Noise Events on Exposure–Annoyance Relationships 

Figure 6 plots LA,Smax against %VA among the event number categories. %VA increases as the event 
number increases up to the range of 190 to 290, and then it decreases for the range of 290 to 340, as 
shown in Figure 6 (a). The data include extremely high %VA in Areas No. 4 (65%) and No. 5 (73%). 
Area No. 5 is in a valley, and it might be affected by echoing. However, it is unclear why %VA in Area 
No. 4 is so high. Figure 6 (b) shows the results excluding the two anomalous areas. Almost the same 
trend as in Figure 6 (a) is seen, but saturation appears to occur after approximately 300 events per day. 
 
  (a) %VA for all areas                          (b) %VA excluding No.4 and No.5 

 
Figure 6 – %VA according the number of Shinkansen noise events 

3.6 Effect of Number of Noise Events on Exposure–Annoyance Relationships 

The results of multiple logistic regression analysis for annoyance are shown in Table 4. The 
maximum noise level (LA,Smax) is significant because the odds ratio referring to LA,Smax<65 dB 
increases as the noise level increases, and the lower value of the 95 % confidence interval is more  
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than 1. The number of Shinkansen noise events is also significant. The odds ratio for 190-290/day, 
referring to 40-90/day, is largest, followed by 290-340/day and 90-190/day. The length of residence, 
age, and sex are not significant. The results of multiple logistic regression analysis for TV/radio 
listening disturbance are shown in Table 5. The maximum noise level (LA,Smax) is significant in all 
ranges. The number of noise events is significant only in the 190-290/day and 290-340/day ranges. 
The results of multiple logistic regression analysis of sleep disturbance are shown in Table 6. LA,Smax is 
significant only in the range of 70-75 dB. The number of Shinkansen noise events is not significant. 
 

  

 

Table 4 - Multiple logistic regression analysis of Annoyance (AUC=0.718)

Item Category Estimate Standard p  value Odds ratio Lower Upper
error 95% CI 95% CI

Intercept -2.646 0.363 <0.0001

L A,smax L A,smax <65 1

65≤ L A,smax <70 0.898 0.151 <0.0001 2.454 1.825 3.299

70≤ L A,smax <75 1.496 0.187 <0.0001 4.464 3.092 6.446

75≤ L A,smax 2.313 0.311 <0.0001 10.100 5.489 18.585

Number of Events 40-90/day 1

90-190/day 0.504 0.189 0.0076 1.656 1.143 2.399

190-290/day 1.424 0.213 <0.0001 4.156 2.738 6.309

290-340/day 0.824 0.178 <0.0001 2.280 1.608 3.231

Resident Y<10 1

10≤Y -0.027 0.180 0.8799 0.973 0.684 1.385

Age <30 1

30s 0.266 0.383 0.4874 1.305 0.616 2.767

40s 0.596 0.370 0.1074 1.814 0.879 3.746

50s 0.464 0.379 0.2214 1.590 0.756 3.342

60s 0.489 0.354 0.1673 1.631 0.815 3.263

70s 0.026 0.357 0.9424 1.026 0.510 2.067

Sex female 1

male 0.215 0.132 0.1048 1.240 0.956 1.607

Table 5 - Multiple logistic regression analysis of telephone/TV/radio listening disturbance (AUC=0.750)

Item Category Estimate Standard p  value Odds ratio Lower Upper
error 95% CI 95% CI

Intercept -3.941 0.584 <0.0001

L A,smax L A,smax <65 1

65≤ L A,smax <70 1.194 0.219 <0.0001 3.299 2.147 5.068

70≤ L A,smax <75 2.057 0.243 <0.0001 7.821 4.858 12.590

75≤ L A,smax 2.586 0.335 <0.0001 13.282 6.881 25.635

Number of Events 40-90/day 1

90-190/day 0.067 0.259 0.7965 1.069 0.643 1.776

190-290/day 1.277 0.268 <0.0001 3.564 2.122 6.060

290-340/day 0.672 0.235 0.0042 1.958 1.236 3.104

Resident Y<10 1

10≤Y 0.071 0.241 0.769 1.073 0.669 1.723

Age <30 1

30s 0.544 0.601 0.3659 1.723 0.530 5.598

40s 1.143 0.578 0.0477 3.138 1.011 9.733

50s 0.850 0.593 0.1520 2.339 0.731 7.483

60s 0.699 0.569 0.2189 2.012 0.660 6.131

70s 0.402 0.573 0.4829 1.495 0.486 4.595

Sex female 1

male -0.306 0.179 0.0868 0.736 0.519 1.045
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4. DISCUSSION 
The main objective of this study is to investigate the effects of event number on annoyance using 

data from socio-acoustic surveys on Shinkansen noise carried out in 2014 and 2017. 
For LA,Smax, %VA increases as the number of events increases up to 190-290/day and saturates 

afterwards. For 290-340/day, %VA decreases. This may be because %VA is extremely high in areas No. 
4 and No. 5 along the Sanyo Shinkansen line. Though we cannot identify the reason why the 
annoyance in Area No. 4 is so high, Area No. 5 is in a valley and might be affected by echoing, i.e., the 
so called amphitheater effect described by Guski et al. [3]. Because energy averaged sound level is 
proportional to the logarithm of the event number, the trend of Figure 6 suggests that the annoyance 
caused by Shinkansen noise is well described by energy averaged sound level. 

This strongly suggests that an increase in the number of noise events above a certain high number 
(saturation point) will not lead to an increase in annoyance. Rylander et al. [2] assumed that “at a large 
number of events, the number of events can no longer be discriminated (for instance, flickering of light 
or applying pressure on the skin with high frequency). The sensation is interpreted as one of 
continuous stimulus, even if the frequency of events is further increased.” 

Multiple logistic regression analysis of TV/radio listening disturbance shows that the number of 
noise events is insignificant for 90 ≤ N < 190 but significant for N ≥ 190. In the analysis of sleep 
disturbance, the number of noise events is not significant in all categories because there are usually no 
trains passing from 24:00 to 06:00. Though general annoyance is largely affected by the number of 
noise events, activity disturbances may be less affected by the number of noise events. 

Almost all of the non-acoustic factors, such as sex, age, and the length of residence, are 
insignificant in annoyance and activity disturbances, except for people in their 40s in 
telephone/TV/radio listening disturbance. However, the odds ratio of age is the largest for people in 
their 40s to 60s. as well as van Gerven et al. [4]. 

5. CONCLUSIONS 
In Japan, when the index for Environmental Quality Standards for Shinkansen Superexpress 

Railway Noise was established, the technical committee concluded that it was only necessary to 
estimate Shinkansen railway noise based on the maximum noise level for 100 to 250 Shinkansen train 
pass-byes per day. We investigated the effects of the number of noise events on annoyance using 
nation-wide social survey data on Shinkansen railways. 

Table 6 - Multiple logistic regression analysis of sleeping disturbance (AUC=0.695)

Item Category Estimate Standard p  value Odds ratio Lower Upper
error 95% CI 95% CI

Intercept -5.303 0.980 <0.0001

L A,smax L A,smax <65 1

65≤ L A,smax <70 0.997 0.614 0.1041 2.711 0.814 9.023

70≤ L A,smax <75 1.837 0.619 0.0030 6.278 1.865 21.127

75≤ L A,smax 1.447 0.896 0.1064 4.249 0.734 24.605

Number of Events 40-90/day 1

90-190/day -0.428 0.672 0.5237 0.652 0.175 2.431

190-290/day 0.726 0.604 0.2295 2.066 0.633 6.750

290-340/day 0.236 0.557 0.6722 1.266 0.425 3.769

Resident Y<10 1

10≤Y 0.278 0.660 0.6738 1.320 0.362 4.812

Age <40 1

40s 0.518 0.949 0.5854 1.678 0.261 10.791

50s -0.126 1.091 0.9080 0.882 0.104 7.482

60s 0.342 0.896 0.7025 1.408 0.243 8.152

70s 0.319 0.907 0.7249 1.376 0.233 8.137

Sex female 1

male 0.174 0.426 0.6825 1.190 0.516 2.745
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The findings of this study are as follows: 
(i)  For LA,Smax, %VA increases as the number of pass-byes increases up to the range of 

190-290/day and then saturates for 290-340/day. 
(ii)  Because the energy averaged sound level is proportional to the logarithm of event number, the 

trend of the LA,Smax–%VA relationship suggests that the annoyance caused by Shinkansen noise 
is well described by the energy averaged sound level. 

(iii)  Though annoyance is largely affected by the number of noise events, activity disturbances 
such as TV/radio listening disturbance and sleep disturbance, may be less affected by the 
number of noise events. 

We believe that considering the number of trains passing by is more effective for estimation of 
annoyance caused by Shinkansen noise than only the maximum noise level (LA,Smax). 
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ABSTRACT  
There is evidence from the literature that an increased fraction of people is highly annoyed by aircraft noise 
by given average sound levels than in previous decades. Among possible reasons are changes of the air traffic 
over the last decades such as the increased number of movements along with a less noisy fleet mix that might 
be relevant for noise responses but are not adequately reflected by average sound metrics. In the Leq+X 
project, data of two German and two Swiss field studies comprising aircraft noise exposure and annoyance 
data of about 37’700 residents living around altogether seven airports are re-analyzed. Among others, the 
analyses include mixed-effects multilevel models of the percentage highly annoyed on the Lden, on the LAeq 
(day/night), on the LAeq combined with either maximum sound level (Lp,AS,max) or number of events above 
threshold (NATLS), and on the Lp,AS,max combined with NATLS for different thresholds. Further models include 
the LAeq with non-energy-equivalent parameters k = 20 or 30, which weight the number of events more 
strongly than the energy-equivalent LAeq,24h,k=10. In this paper, the methodological approach and first results 
will be presented. 
 
Keywords: aircraft noise annoyance, noise metrics, number of events 

1. INTRODUCTION 
Aircraft noise annoyance is one of the most common negative aspects of (living near) an airport. On 

the part of residents, noise annoyance is related to several health and wellbeing issues like sleep 
disturbances and cardiovascular diseases (for recent overviews, see, e.g., 1, 2). For airport operators, it 
can - at least indirectly, for example through greater and more effective opposition and counteractions 
to airport expansion - also have negative economic effects.  

Noise annoyance is a complex psychological response to noise. According to Guski and colleagues 
(3), noise annoyance comprises three elements: (i) the experience of an often repeated noise-related 
disturbance and the behavioural response to it, (ii) an emotional/attitudinal response to the sound and 
its disturbing impact, (iii) the perception of control of the noise situation. 

Over the past few years, there has been a growing number of publications showing that the 
proportion of people highly annoyed by aircraft noise (%Highly Annoyed, %HA) is higher than would 
be expected according to common exposure-response curves (such as the much-quoted one from 
Miedema and Oudshoorn, 4). At comparable aircraft sound levels, %HA is usually higher. Evidence 
                                                        
1 haubrich@zeusgmbh.de; benz@zeusgmbh.de; schreckenberg@zeusgmbh.de  
2 mark.brink@bafu.admin.ch 
3 rainer.guski@rub.de 
4 ullrich.isermann@dlr.de; rainer.schmid@dlr.de 
5 beat.schaeffer@empa.ch; jean-marc.wunderli@empa.ch 
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from a total of 62 studies was summarized in a systematic WHO review and meta-analysis of effects of 
environmental noise on annoyance by Guski, Schreckenberg, and Schuemer, (3). Some of their main 
results are depicted in Figure 1.  

 

 
Figure 1: Relationship between Lden and %Highly Annoyed for Aircraft Noise according to different studies 

and for different airports in different years; figure taken from the WHO Evidence Review for Environmental 

Noise Annoyance from Guski et al. (3). Black line: weighted (according to sample size) average of 12 

samples in which the Lden was calculated directly; red line: exposure-response curves according to Miedema 

& Oudshoorn (4); green line: estimates of Janssen & Vos (5) based on 7 recent aircraft noise examinations. 
 
Figure 1 illustrates that %Highly Annoyed in the data based on the WHO full dataset (black line) 

and in the estimates of a more recent study by of Janssen & Vos (5, green line) increases earlier with 
increasing Lden compared to the much-cited exposure-response curve according to Miedema & 
Oudshoorn (4, red line). There are also apparent differences between the different samples, each of 
which relates to a specific airport in a given year.   

Among the possible causes for this finding, for example, methodological reasons were discussed. 
Janssen et al. (6), however, excluded various methodological aspects as explanatory factors for the 
increasing trend in an analysis of 34 studies from the years 1967 to 2005.  

Also, the change context at an airport at the time of an investigation, that is, whether it could be 
classified as a ‘high rate change’-airport (HRC) or as a ‘low rate change’-airport (LRC) at a given time, 
is discussed as another possible cause for the trend recognizable in Figure 1. According to Janssen and 
Guski (7), a HRC-airport is characterized by the fact that within the last three years, planning 
intentions for a long-term increase in flight movements or a relocation of flight routes have been made 
public or still been publicly discussed after such notice.  If this criterion does not apply at a given point 
in time, an airport will be considered as a LRC-airport at that time. Several studies (7, 8) show that the 
change context of an airport bears a significant effect on aircraft noise annoyance, but does not suffice 
as the sole explanation for the increase of %Highly Annoyed at comparable continuous sound levels. 

As another possible reason for this increase, also an increase in flight movements is discussed. This 
is based on the finding that since the mid-1990s, the characteristics of aircraft noise have changed to 
the effect that, on average, airplanes have become quieter, while at the same time there are more flight 
movements. Examples of acoustic predictors based on event frequencies include NATLS (‘number 
above threshold’; indicating the frequency of exceeding the threshold LS) and Lp,AS,max,ari, indicating 
the number of overflights with maximum A-weighted sound pressure levels. For the NATLS, for 
example, in the NORAH study by Schreckenberg et al. (8) correlations with annoyance measures have 
been observed ranging from r=.31 to r=.56 at different airports. 

Based on these considerations, the present study investigates whether  the predictive power 
for %Highly Annoyed can be improved if this criterion is not only predicted by the equivalent 
continuous sound levels but when its underlying parameters - maximum level and frequency of noise 
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events - are instead or additionally included into the prediction.  Due to the differences between 
samples, i.e., between different airports in different years, which can be seen in Figure 1, it is also 
examined whether specific predictions for each sample or certain sub-samples can improve the 
predictive power further. To identify possible relevant sample-related factors, several sample and 
airport characteristics are considered as potential predictors. 

2. PROCEDURE, METHODS 

2.1 Data basis, samples and participants  
For this study, existing data sets with individual annoyance measures and address-related acoustic 

exposure variables from these two Swiss and two German studies are used: ‘Laermstudie (LS) 2000’ 
(9), ‘SiRENE study’ (10), ‘RDF study’ (11), and ‘NORAH study’ (8).  

In total, the data of 12 samples were available for the present study, where a sample is meant to be 
one survey at one airport at one specific point in time. The total number of participants is N=34250; 
17909 (52.3%) female, aged 17-100 years (M=57.5, SD=14.9). 

2.2 Acoustic predictors  
As acoustic predictors, the parameters listed below were used. These were either extracted directly 

from the data sets of the above-mentioned samples (LAeq, Lden) on the basis of the data available from 
the studies, or - for the determination of values for LAeq,24h,k=20 and LAeq,24h,k=30 - in some cases 
approximations were used (for details see Benz et al., 12). 

 LAeq,24h,k=10, LAeq,24h,k=20, LAeq,24h,k=30: equivalent continuous sound level LAeq,k for the 24-hour day 

for different equivalence parameters k  

 Lden: the day-night-night level as defined in the EU Environmental Noise Directive 

 log(NAT24h,50), log(NAT24h,60),log(NAT24h,70), log(NAT24h,80): the logarithmic number of aircraft 

noise events with A-weighted maximum sound levels above a threshold of LS decibels („Number 

above Threshold“ NATLS)  

 LAS,max,ari,50, LAS,max,ari,60, LAS,max,ari,70, LAS,max,ari,80, the arithmetically averaged A-weighted maximum 

sound levels (LAS,max,ari,LS) above these thresholds 

2.3 Sample and airport-specific predictors 
The following sample and airport-specific predictors were considered: a) the number of flight 

movements on an average 24-hour day, b) night-flight rate, c) five year trend of flight movements 
(increasing or decreasing), d) fleet mix (for the starting movements over the 24 hours of the whole day; 
cf. 13, 14), e) change context (HRC vs. LRC, see above).  

2.4 Assessment of high annoyance  
Annoyance was assessed via self-report using the standard 5-point ICBEN noise annoyance scale 

(all samples except those from the LS2000 study) or the 11-point ICBEN noise annoyance scale.  
For the determination of %Highly Annoyed, the upper two values of the 5-level ICBEN scale (4 and 

5) were summarized into the category "highly annoyed" (HA); for analyses particularly referring to the 
LS2000 study, the upper three values on the numerical ICBEN scale from 0 to 10 (8, 9 and 10) were 
used instead.  

2.5 Method 
To investigate whether frequency-based parameters can improve the predictive power of the 

acoustic predictors, the models presented in Table 1 were examined. Each model includes one 
predictor (lines 1-4) or a combination of two predictors (line 5 and beyond). Multilevel analyses were 
carried out for each model using the package "lme4" of the statistical software R (15). 
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Table 1 - Summary of the predictors of the multi-level models 

Model group Level 1-predictors  

(acoustic predictors) 

Level 2-predictors  

(Sample and airport-specific predictors) 

Lden Lden 

(sample) 

flight movements 

nightflight rate  

trend 

(five year trend of flight movements) 

NoiseStarts24  

(fleet mix) 

change context  

(HRC vs. LRC) 

LAeqAeq 

LAeq,24h,k=10  

LAeq,24h,k=20 

LAeq,24h,k=30 

Lden + log(NATLS) 

Lden, log(NAT24h,50)  

Lden, log(NAT24h,60) 

Lden, log(NAT24h,70) 

Lden, log(NAT24h,80) 

LAeq + log(NATLS) 

LAeq,k=10, log(NAT24h,50)  

LAeq,k=10, log(NAT24h,60) 

LAeq,k=10, log(NAT24h,70) 

LAeq,k=10, log(NAT24h,80) 

Lp,AS,max,ari,LS + 

log(NATLS) 

Lp,AS,max,ari,24h,50. log(NAT24h,50) 

Lp,AS,max,ari,24h,60. log(NAT24h,60) 

Lp,AS,max,ari,24h,70. log(NAT24h,70) 

Lp,AS,max,ari,24h,80. log(NAT24h,80) 
 
In the first step, it was examined based on the intraclass correlation (ICC, 16), whether the second 

level predictors enhance the predictive power significantly. The sample variable, characterized by the 
airport and the survey year, served as the classification variable.  

Next, each the best model with exactly one predictor and the best model with two predictors were 
identified. The criterion was the goodness of fit of the models (based on the Akaike Information 
Criterion, AIC, 17). Finally, these two models were compared statistically with a Chi-Square 
Differences Test.  

Other outcome measures considered are the odds ratios, each separately for the intercept (the β0- 
parameter) and the slopes (the β1 parameter and, if a model has two acoustic predictors, additionally 
the β2 parameter). 

3. RESULTS 
A summary of the results of the multi-level analyses is shown in Table 2. 
For all models, the ICC is above .10 (range: .10 - .21), indicating that the 2nd level predictors 

should be kept. In the models with one acoustic predictor, the model with Lden achieves better goodness 
of fit than the various LAeq models.  

For the models with two predictors, the models from the groups Lden and log(NATLS) as well as 
LAeq,24h,k=10 and log(NATLS) are better than those from the group LAS,max,ari,LS and log(NATLS), The best 
model with two predictors has Lden and log(NAT24h,70) as joint predictors. 

A Chi-Square Differences Test comparing these two models yields a p-value of p < .001, which is 
highly significant, indicating that the more complex model with two predictors yields significantly 
better goodness of fit than the model with one predictor.  

Overall, thus, the model associated with the best predictive power is the model with the combined 
predictors Lden and log(NAT24h,70). 
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Table 2 shows that exactly one level 2-predictor is significant in this model, which is the ‘change 
context.’ A look at the odds ratios of the regression parameters shows that the Lden exerts the largest 
effect on %HA - the odds ratios for β1 are higher than those for β2 for log(NAT24h,70) (2.15 vs. 1.26, 
respectively). The odds ratios for the significant level 2-predictor are about 4x smaller than those for 
Lden and less than half as big as those for log(NAT24h,70) (β3=.55). Thus, the ‘change context’ implies a 
significant additional contribution to the explained variance, but its effect is weaker than that of either 
of the two acoustic predictors. 

Figure 2 shows the exposure-response curve for the relationship between Lden and % HA for three 
classes of log(NAT24h,70), each separately for ‘high-‘ (HRC) and ‘low rate change’-airports (LRC), 
respectively. It can be seen that at the LRC-airports, the curves for the high, middle and lower 
log(NAT24h,70)-groups differ mainly in their height, with the curve representing low   
log(NAT24h,70)-values being above the curve representing middle values at higher Lden-values. 

At the HRC-airports, however, the curve representing high log(NAT24h,70)-values stands out, in 
that it has a much lower slope than the other two.  

Figure 2: Exposure-response curve for the relationship between Lden and %HA for HRC airports (upper 

panel) and LRC airports (lower panel), separated for three classes of log(NAT24h,70) (see boxes on the right for 

detailed information). Dashed lines indicate the upper and lower confidence intervals to the respective curve 

of the same color. Grayed out are the extrapolated parts of the curves outside the actual range of Lden.  

High-rate change (HRC) airports 

 

 
 
 

log(NAT24h,70) range (HRC) 

 Min Max N 

high  >1.30 2.59 5425 

mid >0.29 1.30 5851 

low -2.40 0.29 5891 

Σ  17167 

 
 

Low-rate change (LRC) airports 

 

 
 
 

log(NAT24h,70) range (LRC) 

 Min Max N 

high  >1.30 2.51 2579 

mid >0.29 1.30 2639 

low -2,76 0.29 2608 

Σ  7826 
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4. DISCUSSION AND CONCLUSIONS 
This research project was based on the assumption that the "aircraft noise annoyance trend," 

showing an increased rate of highly annoyed persons at a comparable continuous sound level, could be 
associated with an increase in the frequency of flight movements. It has been postulated that the 
simultaneous consideration of a frequency-based predictor - in particular, log(NATLS) - in combination 
with an acoustic predictor - especially LAeq, Lden or Lp,AS,max,ari - yields a better predictive power 
of %Highly Annoyed than the respective acoustic predictor on its own. 

For this purpose, the goodness of fit and predictive power of different models with single acoustic 
predictors and acoustic predictors in combination with frequency-based predictors were compared 
with each other using multi-level analyses. To take into account sample- and airport-specific effects, 
additional sample-specific characteristics were investigated as level 2-predictors. 

The results show that a combination of Lden and log(NATLS) has better predictive power than models 
with a single predictor (Lden or LAeq,24h,k with k=10, k=20 or k=30) or a model with a combination of 
LAeq,k=10 and log(NATLS) or Lp,AS,max,ari and log(NATLS).  

In addition, a sample-specific consideration of the effects turns out to be significant. Of the level 
2-predictors examined here, the ‘change context’ proved to be significant (‘high rate change’-airport, 
HRC, vs. ‘low rate change’-airport, LRC), with %Highly Annoyed significantly higher for HRC.  
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ABSTRACT 

In the literature, LAeq and Lden are the dominating noise exposure metrics for calculating the 

relationship between noise and annoyance. However, alternative metrics such as the number of events 

above a threshold (NAT), LAmax or Emergence are rarely considered, although they may have the 

potential to explain additional variance. This seems necessary because a WHO-Review pointed out 

that the average relationship between aircraft noise levels and annoyance raw scores is .44 which 

represents an explained variance of only 19.36%. Here, we present a post-hoc analysis of the NORAH 

data set and aim to evaluate the adequacy of alternative noise metrics. We calculated regression models 

and multilevel analyses with robust estimation algorithms (MLR) by using different noise metrics 

(LAeq, Lden, LAmax, Emergence, NAT). The analyses were carried out for different groups of people 

(children, parents, teachers) and different contexts (school: workplace or learning environment, 

residential environment). The calculations with different noise metrics showed that the LAeq as a 

single noise metric can best predict annoyance. However, for aircraft noise annoyance of children and 

teachers there was a significant increase in explained variance by including the NAT criterion as a 

second noise metric in the models (maximum R² = .684). 

 

Keywords: Aircraft noise, different metrics, Annoyance 

1. INTRODUCTION 

Environmental noise annoyance is a psychological response to noise and can be viewed as a 

multi-faceted stress response (1). Besides sleep disturbances, annoyance is one major burden of 

disease effect of environmental noise, according the WHO (2)]. Concerning annoyance, different 

responses to noise are distinguished including physiological, emotional, cognitive, and behavioral 

responses (3). 

Guski et al. (4) showed in their WHO-Review that the average association between aircraft noise 

levels and annoyance raw scores is .44 (range .21 to .74) which represents an explained variance of 

19.36%. This indicates a comparatively low explanation of variance across all the studies included. It 

was shown that the association between aircraft noise and annoyance is greater compared to other 

traffic noise sources (4]) Previous reviews with focus on children also showed differences in the level 

of relationships for different groups of people (e.g., 5). Accordingly, children rate themselves as less 

annoyed by traffic noise compared to adults (6). For teachers, on the other hand, there was a much 

stronger association between aircraft noise and annoyance (7).  

To improve explained variance of aircraft noise annoyance, two perspectives of measurement can 

be considered: First, studies could consider adaptions in the measurement of annoyance. Second, 

studies could use alternative acoustic metrics. 

Although transportation noise annoyance is understood as a multi-facetted response, it is currently 

predominantly measured with a single item, the so-called ICBEN item – “Thinking about the last (12 

months or so), when you are here at home, how much does noise from [noise source] bother, disturb, or 

annoy you?” - with the verbal marks “not at all,” “slightly,” “moderately,” “very,” “extremely” (8). 

In order to achieve a better variance explanation, possibilities of a better annoyance measurement are 

discussed (9-11); however, in the field of method development and improvement the focus is mainly 
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on adults.   

Current approaches in the field of annoyance measurement consider the multidimensional construct 

of annoyance. Thus, Schreckenberg et al. (12) suggest the multi-item noise annoyance scale (MIAS) as 

a reliable, valid, theory-driven measure to assess annoyance as a response to transportation noise, with 

a slightly improved variance explanation compared to the ICBEN measurement.  Within the framework 

of the NORAH study work package three, annoyance was measured by several items and aggregated to 

annoying factors. These factors had a high composite reliability (CR between .83 and .93) and average 

variance extracted (AVE between .64 and .73). For this reason, we currently see no possibility of 

improving the variance explanation for the NORAH “children” data in this area.  

For these reasons, we focus on the perspective of acoustics parameters in order to improve variance 

explanation. Most studies analysed the associations between aircraft noise and annoyance with 

weighted and unweighted acoustic averaging levels (Lden, LAeq), but less with alternative metrics 

(but see for a current alternative approach (13)). This neglect may fail to use a potential source for 

more variance detection, which we will review with our post-hoc analysis of the NORAH data.  

Here, we present a further analysis of the NORAH data set, aiming to evaluate the adequacy of 

different noise exposure metrics (LAeq, Lden, LAmax, Emergence, NAT55 to NAT80) for analyzing 

the association between aircraft noise and annoyance. We focus on differences in the level of 

relationships for different groups of people (children, parents, and teachers) and for different contexts 

(school: workplace or learning environment, residential environment) .  

 

2. METHOD 

2.1 Participants 

A total of 1,243 second-graders and 84 class teachers (78 female) from 29 primary schools 

participated in the NORAH study (14). From a total of 297 schools, 29 schools were selected 

based on extent of aircraft noise exposure. Those schools exposed to the highest amounts of 

aircraft noise were selected first. The remaining schools were selected using a -priori direct 

matching to avoid potential confounding factors (e.g., socioeconomic status = SES). The schools 

were matched by indicators of the pupils´ SES, migration background, and German language 

proficiency, according to the headmasters´ reports. For annoyance due aircraft noise at school, 

complete data were available for 84 teachers (78 female) and 1,090 children. Mean age for 

children was 8 years and 4 months (SD 5 months).  

 

2.2 Assessment of Noise Exposure 

Average aircraft noise levels (school: LAeq, 08-14; home: LAeq, 06-22, Lden, 00-24), maximum 

sound levels (school: LAmax, 08-14; home LAmax, 06-22), difference between LAmax and LAeq 

(emergence) and number above thresholds (school: NAT, 08-14: home: NAT, 06-22) for bands of five 

dB(A) were calculated for the time period of 12 months before data collection was conducted. 

Exposure levels were calculated on the basis of radar data from the Flight Track and Aircraft Noise 

Monitoring System (FANOMOS) provided by German Air Traffic Services (for details, see (15)). 

Road traffic and railway noise levels were estimated using a combination of information (e.g., traffic 

flow data, quantity of train runs) provided by local authorities. Classroom reverberation and insulation 

were assessed through screening procedures (15). 

 

2.3 Materials and Procedure  

The following description of the procedure has been published elsewhere (e.g. 14, 16). The 

questioning of the children was performed in groups of whole classes. Each statement was carefully 

explained to the children and practiced with examples. All statements were read aloud by the 

experimenter and a combination of picture and number represented the statement. The children were 

given a questionnaire to be completed at home by their parents, which contained questions concerning 

the annoyance and potential confounding factors (e.g., SES). The teacher questionnaire was given to 

the teachers before the children’s testing session and collected immediately after it.   

Teachers’ noise annoyance was assessed by a scale (factor) with five statements focused on 

annoyance due to aircraft noise at school (composite reliability, CR = .93; average variance extracted, 
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AVE = .73; Cronbach’s α = .94). The additional statements addressed concrete effects of aircraft noise 

on the quality of instruction (e.g., “Due to aircraft noise, I have to interrupt my talk/the discourse for 

a short time”) and ranged from “not at all annoyed” [1] to “severely annoyed” [5].  

Parental noise annoyance was assessed by three statements and a 4-point rating scale ranging from 

“strongly disagree” to “strongly agree” (CR = .85; AVE = .66; Cronbach’s α = .82).  
Children’s annoyance due to aircraft noise at school was assessed through a four-item scale (e.g., 

“When learning at school, I am bothered by aircraft noise”) . The same applies to the annoyance 

judgements for annoyance due to aircraft noise at home. The reliability was good for both scales 

(school: CR = .88, Cronbach’s α = .81; home: CR = .83, Cronbach’s α = .80). Explained variance was 

relatively high (school: AVE = .64; home: AVE = .71). More details concerning the procedure, the 

questionnaires, and statistical examination of psychometrics are provided by Klatte et al. (14, 17).  

 

2.4 Statistical Analyses 

To analyze the impact of aircraft noise exposure on annoyance, regression models and multilevel 

models (MLA) were realized using Mplus 8 and IBM SPSS 25. Regression analyses were performed 

for teacher´s and parents´ annoying judgements and for children’s annoying due aircraft noise at home. 

For children’s annoying du aircraft noise at school, we conducted MLA in order to deal with the 

hierarchical structure of the data and avoid misspecifications of parameters (e.g., underestimation of 

standard errors) (18). Regression models were adjusted for confounding factors on individual level, 

hierarchical models for both levels (level 1: individual, level 2: classes).  

3. RESULTS 

3.1 Aircraft Noise Exposure 

Descriptive statistics for the different noise metrics are shown in Table 1. The aircraft noise 

exposure is shown separately for school and home address. A period from 8 a.m. to 2 p.m. is reported 

for school (08-14) and a period from 6 a.m.to 10 p.m. for the residential address (06-22). 

 

Table 1 – Descriptive statistics for the different noise metrics (NORAH Study) 

  Daytime at school (08-14)  Daytime at home (06-22) 

  M SD Range  M SD Range 

LAeq dB (A) 49.52 6.12 39.10-58.90  49.15 6.16 36.40-60.80 

Lden, 00-24 dB (A) - - -  51.74 6.00 40.80-63.60 

LAmax dB (A) 64.12 7.18 50.00-80.00  67.12 7.73 51.00-83.00 

Emergence dB (A) 14.92 2.66 9.20-21.30  17.96 2.89 11.20-24.60 

NAT (bands) ≥55 <60 dB (A) 22.60 17.15 0.67-66.33  55.28 42.26 0.07-187.00 

 ≥60 <65 dB (A) 18.01 17.72 0.03-58.77  45.52 46.52 0.04-165.23 

 ≥65 <70 dB (A) 9.95 14.27 0.00-63.61  28.77 42.75 0.01-180.37 

 ≥70 <75 dB (A) 3.72 5.55 0.00-22.80  11.60 18.34 0.00-121.21 

 ≥75 <80 dB (A) 1.48 3.45 0.00-14.47  3.90 8.18 0.00-40.73 

Notes. Emergence school: LAmax (08-14) minus LAeq (08-14) at school; Emergence home LAmax 

(06-22) minus LAeq (06-22) at home. 

 

3.2 Effects of Aircraft Noise on Children at School and at Home 

Multilevel analyses revealed significant associations between aircraft noise exposure at school 

and children’s aircraft noise annoyance. Only for NAT ≥ 55 < 60 the association was not significant. 

The MLA results for the school context are depicted in Table 2. It can be seen that the size of 

associations (unadjusted models) strongly vary from β = .235 to .629 depending on the aircraft noise 

metrics. Systematic differences between the annoyance judgements at class level (level 2) were 34% 
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(intraclass correlation, ICC = .34). This means that 34% of the variance in the class average annoyance 

judgements is due the class membership. An R² of .396 as in LAeq (unadjusted model) means that 

39.6% of 34% can be explained by LAeq - an absolute variance explanation of 13.46%.  

The results for the home context are depicted in Table 3. The explained variance was slightly higher 

than in the school context, but not for the NAT ≥70 <75 metric. Here, R² can be read directly because 

it addresses regression models on individual level. Therefore, the explained variance of the LAeq is for 

example R² = .186. 

 

Table 2 - Multilevel Model Parameter Estimates for Effects of Aircraft Noise at School on Children’s 

Ratings of Noise Annoyance at School 

 unadjusted  adjusted 

 

β b (SE) p 95% CI R² 
 

β b (SE) p 95% CI R² 

LAeq .629 .052 (.008) < .001 .037/.069 .396 

 

.626 .052 (.009) < .001 .032/.073 .454 

LAmax .603 .039 (.007) < .001 .025/.053 .364 
 

.604 .039 (.009) < .001 .022/.056 .442 

Emergence .358 .069 (.023) < .01 .025/.114 .128 
 

.362 .070 (.023) < .01 .026/.114 .265 

NAT ≥55 <60 .235 .007 (.003) < .01 .002/.013 .055 
 

.146 .004 (.003) > .05 .000/.010 .160 

NAT ≥60 <65 .253 .007 (.003) < .01 .002/.012 .064 
 

.186 .005 (.003) < .05 .001/.010 .173 

NAT ≥65 <70 .439 .016 (.003) < .001 .009/.023 .193 
 

.448 .016 (.004) < .001 .009/.023 .310 

NAT ≥70 <75 .802 .073 (.007) < .001 .059/.087 .643 
 

.832 .075 (.009) < .001 .058/.092 .724 

NAT ≥75 <80 .614 .091 (.008) < .001 .075/.107 .377 
 

.749 .110 (.017) < .001 .078/.143 .541 

Notes. SE = Standard Error; b = unstandardized coefficient; β = standardized coefficient; 95% CI = 95% 

confidence interval. Adjusted for age, gender, socioeconomic status (SES), class SES, class size, classroom 

insulation, road-traffic and railway noise at school. ICC = .34 (ICC = intraclass correlation); R² = R² for 

Level 2. 

 

Table 3 - Effects of Aircraft Noise at Home on Children’s Ratings of Noise Annoyance at Home 

 

unadjusted 

 

adjusted 

 

β b (SE) p 95% CI R² 
 

β b (SE) p 95% CI R² 

LAeq .411 .077 (.005) < .001 .068/.087 .168 

 

.429 .081 (.006) < .001 .070/.012 .186 

Lden .406 .078 (.005) < .001 .068/.088 .164 
 

.425 .082 (.006) < .001 .071/.093 .182 

LAmax .393 .059 (.004) < .001 .051/.067 .154 
 

.404 .060 (.004) < .001 .051/.069 .166 

Emergence .179 .072 (.011) < .001 .050/.094 .031 
 

.172 .066 (.012) < .001 .042/.089 .036 

NAT ≥55 <60 .149 .004 (.001) < .001 .003/.006 .022 
 

.171 .005 (.001) < .001 .003/.006 .034 

NAT ≥60 <65 .244 .006 (.001) < .001 .005/.007 .059 
 

.259 .006 (.001) < .001 .005/.008 .073 

NAT ≥65 <70 .261 .007 (.001) < .001 .006/.009 .068 
 

.273 .007 (.001) < .001 .006/.009 .079 

NAT ≥70 <75 .316 .020 (.002) < .001 .017/.023 .099 
 

.310 .019 (.002) < .001 .015/.023 .103 

NAT ≥75 <80 .318 .045 (.004) < .001 .037/.052 .100 
 

.310 .042 (.004) < .001 .033/.050 .098 

Notes. SE = Standard Error; b = unstandardized coefficient; β = standardized coefficient; 95% CI = 95% 

confidence interval. Adjusted for age, gender, SES, road-traffic noise, and railroad noise at home. R² = 

R²corrected (corrected by the number of predictors and sample size).  

 

Overall, for the group of children, we found no consistent evidence that other exposure measures 

than LAeq could better clarify the annoyance judgments. The results are independent of the context 

(school vs. home).  
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3.3 Effects of Aircraft Noise on Parents 

Adjusted and unadjusted regression models were conducted to test the relationship between 

different aircraft noise metrics and annoyance (see Table 4). All noise metrics showed significant 

associations with aircraft noise annoyance (all p’s < .001). The explained variance was significantly 

higher than in the models calculated for children (ΔR² = .11 for LAeq) and also higher (ΔR² = .07) than 

reported by Guski et al. (4). As for children, it was shown for parents that LAeq is the most adequate 

noise metric for predicting aircraft noise annoyance in the private context.   

 

Table 4 - Effects of Aircraft Noise at Home on Parent’s Ratings of Noise Annoyance at Home 

  unadjusted 

 

adjusted 

 

β b (SE) p 95% CI R² 
 

β b (SE) p 95% CI R² 

LAeq .528 .071 (.003) < .001 .064/.078 .278 

 

.513 .071 (.004) < .001 .063/.078 .292 

Lden .517 .072 (.004) < .001 .065/.078 .267 
 

.504 .071 (.004) < .001 .063/.079 .283 

LAmax .514 .055 (.003) < .001 .049/.060 .264 
 

.493 .053 (.003) < .001 .047/.081 .273 

Emergence .259 .074 (.008) < .001 .058/.090 .066 
 

.232 .064 (.009) < .001 .047/.081 .088 

NAT ≥55 <60 .201 .004 (.001) < .001 .003/.005 .040 
 

.184 .004 (.001) < .001 .002/.005 .068 

NAT ≥60 <65 .295 .005 (.001) < .001 .004/.006 .086 
 

.298 .005 (.001) < .001 .004/.006 .123 

NAT ≥65 <70 .281 .005 (.001) < .001 .004/.006 .078 
 

.298 .006 (.001) < .001 .004/.006 .122 

NAT ≥70 <75 .392 .018 (.001) < .001 .015/.020 .153 
 

.377 .017 (.001) < .001 .014/.019 .178 

NAT ≥75 <80 .480 .048 (.003) < .001 .043/.053 .230 
 

.457 .045 (.003) < .001 .039/.050 .233 

Notes. SE = Standard Error; b = unstandardized coefficient; β = standardized coefficient 95% CI = 95% confidence 

interval. Adjusted for age, gender, SES, road-traffic, and railroad noise at home. R² = R²corrected (corrected by the 

number of predictors and sample size). 

3.4 Effects of Aircraft Noise on Teachers  

Again, to test the relationship between different aircraft noise metrics and annoyance, we 

calculated adjusted and unadjusted regression models (see Table 5). All noise metrics (except for NAT 

≥55 <60) showed significant associations with aircraft noise annoyance (all p’s < .001). The explained 

variance was markedly higher (ΔR² = .41) than reported by Guski et al. (4). Overall, the NAT ≥70 <75 

and the LAeq were the most adequate noise metrics for predicting teachers annoyance due aircraft 

noise exposure at school (adjusted model).  

 

Table 5 - Teachers’ Aircraft Noise Annoyance (School Workplace) 

 

unadjusted 

 

adjusted 

 

β b (SE) p 95% CI R² 

 

β b (SE) p 95% CI R² 

LAeq .770 .134 (.012) < .001 .109/.158 .589 

 

.821 .144 (.015) < .001 .114/.175 .593 

LAmax .732 .098 (.010) < .001 .078/.118 .530 

 

.764 .101 (.012) < .001 .077/.125 .541 

Emergence .412 .164 (.040) < .001 .084/.244 .160 

 

.420 .160 (.042) < .001 .077/.244 .225 

NAT ≥55 <60 .286 .018 (.006) < .01 .005/.030 .071 

 

.191 .011 (.007) > .05 -.003/.025 .089 

NAT ≥60 <65 .544 .032 (.006) < .001 .021/.043 .288 

 

.482 .031 (.006) < .001 .018/.044 .298 

NAT ≥65 <70 .610 .045 (.006) < .001 .032/.058 .364 

 

.612 .050 (.007) < .001 .035/.064 .450 

NAT ≥70 <75 .773 .146 (.013) < .001 .120/.173 .593 

 

.771 .146 (.015) < .001 .116/.176 .604 

NAT ≥75 <80 .606 .184 (.027) < .001 .131/.238 .359 

 

.670 .196 (.033) < .001 .130/.261 .384 

Notes. SE = Standard Error; b = unstandardized coefficient; β = standardized coefficient; 95% CI = 95% 

confidence interval. Adjusted for class size, classroom insulation, road traffic, and railway noise, noise sensitivity 

of the teacher. R² = R²corrected (corrected by the number of predictors and sample size). 
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3.5 Combined Models  

In the models aimed to combine the different acoustic metrics, we found that only the inclusion of 

the NAT metric leads to a significantly higher variance explanation. The models (see Table 6) revealed 

that the NAT metric served as a significant predictor of children’s annoyance as a response to aircraft 

noise over and above LAeq. However, this only holds for the NAT ≥70 <75 dB(A) criterion as 

exemplified by the comparison between combined model 1 and combined model 2. The inclusion of 

the NAT metric leads to an explained variance of R² = .727. Compared to the sole calculation with 

LAeq, this corresponds to an increase in explained variance at the class level of ΔR² = .273. Including 

the ICC of .34, this corresponds to an absolutely explained variance of R² = .247 = 24.7% (only LAeq 

R² = .15 = 15%).   

 

Table 6 - Fully-adjusted Multilevel Models with Inclusion of a Second Aircraft Noise Metric: Effect of 

Aircraft Noise Exposure at School on Children’s Aircraft Noise Annoyance at School 

  

β b (SE) p  95% CI  R² 

children at 

school 

Combined Model 1 
    

.456 

LAeq .595 .050 (.017) < .01 .017/.083 
 

 

NAT ≥65 <70 .044 .002 (.007) >.05 -.012/.015 

 

 

Combined Model 2 
    

.727  

 

LAeq .010 .001 (.009) > .05 -.017/.019 
 

 

NAT ≥70 <75 .826 .074 (.012) < .001 .051/.097 
 

Notes. SE = Standard Error; b = unstandardized coefficient; β = standardized coefficient; 95% CI = 95% 

confidence interval. Adjusted for age, gender, socioeconomic status (SES), class SES, class size, classroom 

insulation, road-traffic, and railway noise at school. ICC = .34 (ICC = intraclass correlation); R² = R² for Level 2. 

 

The models depicted in Table 7 revealed that the NAT metric served as a significant predictor of 

teacher annoyance due to aircraft noise over and above LAeq.  The statistical significance for the 

prediction of annoyance by NAT ≥70 <75 compared to LAeq is quite similar (βLAeq = .466; βNAT 

≥70 <75 = .460). The inclusion of NAT ≥70 <75 leads to an explained variance of R² = .684, which 

corresponds to an increase inexplained variance of ΔR² = 9.1%, compared to the sole calculation with 

LAeq.  

 

 

Table 7 – Combined Fully Adjusted Regression Models with a Second Aircraft Noise Metric: Teachers’ 

Aircraft-Noise Annoyance (School Workplace) 

  

β b (SE) p  95% CI  R² 

teacher Combined Model 1 
     

 

LAeq .649 .114 (.021) < .001 -.071/.156 
.611 

 

NAT ≥65 <70 .210 .017 (.009) < .05 .001/.034 

 

Combined Model 2 
     

 

LAeq .466 .082 (.019) < .001 .017/.083 
.684 

 

NAT ≥70 <75 .460 .087 (.019) < .001 -.012/.015 

Notes. SE = Standard Error; b = unstandardized coefficient; β = standardized coefficient 95% CI = 95% confidence 

interval. Adjusted for class size, classroom insulation, road traffic, and railway noise, noise sensitivity of the 

teacher. R² = R²corrected (corrected by the number of predictors and sample size). 
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4. DISCUSSION AND CONCLUSION 

 

In line with prior studies, the NORAH study (14, 16) revealed a significant association between 

aircraft noise exposure and aircraft noise annoyance, but with a markedly higher explained variance 

(ΔR² = .41) than that reported by Guski et al. (4). In the NORAH and other studies in this field, LAeq 

was used as parameter of noise exposure. The current study aimed to evaluate the incremental value of 

other daytime noise exposure metrics for predicting effects of aircraft noise on annoyance for different 

groups of people and contexts. Our analyses confirmed that alternative noise metrics, for example 

LAmax, Emergence, and NAT, are significant single predictors of the harmful effects o f aircraft noise 

exposure. For each of these metrics, exposure was significantly associated with noise-induced 

annoyance for children and teachers during the lessons and also for children and parents at home. 

However, further analyses revealed that only the NAT metric served as a second (unique) significant 

predictor over and above daytime LAeq. This supports the idea that, when assessing effects of aircraft 

noise on annoyance, both the average of noise intensity (as mirrored by the LAeq) and the number of 

flight events above a certain noise threshold (NAT) should be taken into account. However, this 

incremental effect was only apparent for the school context, both for teachers and children, and was 

highest when the number of flight events in a band of 70 to 75 dB (A) increased. For studies with 

residents (children, parents), however, we could not find incremental value of other daytime exposure 

metrics We therefore conclude that for assessments of aircraft noise annoyance of teachers and 

children, the NAT criterion should be included in future studies, to improve the prediction of 

annoyance, at least in the school context.  
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ABSTRACT 
The HYENA (HYpertension and Exposure to Noise near Airports) study, a well-known study on the 

health effects of aircraft noise, involved 4,861 participants from six European countries (except France). The 
DEBATS (Discussion on the health effects of aircraft noise) study, a study with a similar protocol, included 
1,244 participants from France. Associations were found between aircraft noise and cortisol levels in each 
study separately, but they were not consistent between the two studies.  

The objective of the present study was to combine both datasets in order to improve statistical power.  
We investigated the associations between aircraft noise levels and cortisol levels in the morning and in the 
evening, and the relative variation per hour, adjusted for relevant confounders. Analyses were carried out on 
the 1,300 participants with complete information for cortisol samplings and for confounders. 

We found evidence for an increase in the evening cortisol level in women (exp(β)=1.09, 95%CI: 
1.01;1.18), and for flattening of the relative variation per hour also in women (exp(β)= 0.90, 95%CI: 
0.840.97), with a Lden 10-dB(A) increase. There were no significant associations in men.  

These findings provide some support for a psychological stress induced by aircraft noise exposure, 
resulting in disruption of hormonal rhythms. 
 
Keywords: aircraft noise exposure, cortisol levels, Europe 
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1. INTRODUCTION 
Many studies have evidenced adverse effects of aircraft noise exposure on health, such as 

annoyance, cardiovascular diseases, sleep disorders or altered cognitive performance (1–6). The 
precise mechanisms underlying noise-induced health physiological effects would imply release of 
stress hormones with noise exposure (7). Although they were widely discussed, the effects of noise 
exposure including occupational, road, railway and air traffic noise on cortisol secretion are still 
unclear. The conclusions of the largest epidemiological studies to date about the associations between 
aircraft noise exposure and cortisol levels are inconsistent (8,9). On one hand, the HYENA 
(HYpertension and Exposure to Noise near Airports) study, including 439 participants, suggests that 
exposure to aircraft noise increases morning saliva cortisol levels in women, but no similar association 
was found in men (8). On the other hand, the DEBATS study (Discussion on the health effects of 
aircraft noise), including 1,244 participants, observed an increase in evening cortisol levels and a 
flattening of the usual variation per hour when aircraft noise exposure increased, but in that study no 
difference were shown between gender subgroups (9).   

The objective of the present study was to combine data collected in both HYENA and 
DEBATS studies in order to improve statistical power, and provide a pooled-analysis of these two 
largest studies to date. 
 

2. METHODS 

2.1 Study population 
The HYENA study included randomly-selected 4,861 participants between 45-70 years of age at 

the time of the interview and living near one of the seven major European airports [London Heathrow 
(United Kingdom), Berlin Tegel (Germany), Amsterdam Schiphol (the Netherlands), Stockholm 
Arlanda and Bromma (Sweden), Milan Malpensa (Italy), and Athens Eleftherios Venizelos (Greece) 
Airports]. Then, nearly 500 participants with the highest and lowest levels of exposure to aircraft noise 
in each country were selected for saliva sampling. Among them, 439 participants had complete 
information on their cortisol levels. 

The DEBATS study included randomly-selected 1,244 participants over 18 years of age at the time 
of the interview and living near one of the three French airports (Paris-Charles de Gaulle, 
Lyon-Saint-Exupéry and Toulouse-Blagnac). Among them, 1,199 participants had complete 
information on their cortisol levels. 

Participants from both studies responded to a similar questionnaire administered by an interviewer 
at their place of residence. The questionnaire collected in particular demographic and socio -economic 
information, lifestyle factors such as smoking and alcohol consumption, and personal medical history.  

The final pooled analyses were carried out on N = 1,300 participants (359 from HYENA and 941 
from DEBATS, including 555 men and 745 women) who had completed information for  all the 
covariates included in the final model. 

2.2 Cortisol measurements 
All the participants received a kit with test tubes and instructions.  Participants were requested to 

collect a saliva sample 30 min (in HYENA) (corresponding usually to the peak in cortisol 
concentration) or immediately (in DEBATS) after awakening, and another one just before going to bed 
in the evening (which usually coincides with the nadir in cortisol concentration).  

Cortisols levels were then determined by the Spectria cortisol coated tube radioimmunoassay kit 
(Orion Diagnostica, Espoo, Finland) in HYENA, and by cortisol saliva ELISA kit in DEBATS (IBL 
international, Hamburg, Germany). 

2.3 Aircraft noise exposure assessments 
Exposure to aircraft noise was estimated with a 1-dB(A) resolution at the place of residence of the 

participants, in front of their buildings, and were provided by the INM (Integrated Noise Model) (10) 
for almost all the countries of the study. Only the UK used another model, the national Aircraft Noise 
Contour Model (ANCON v 2) (11), similar to the INM model. 
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Four noise indicators were derived and used in the statistical analyses: Lden, LAeq24h, LAeq6h-22h, and 
Lnight. 

2.4 Confounders  
The major potential confounders were obtained from the questionnaire. They were a priori included 

in the models: country (seven categories), gender (dichotomous), age (continuous), BMI (continuous), 
smoking habits (five categories: non-smoker; ex-smoker; 1-10 units/day; 11-20 units/day; >20 
units/day), alcohol consumption (4 categories: teetotaller; 1-7 units a week; 8-14 units/week; >14 
units/week), physical activity (2 categories: no or a little; regular), and education  level (coded as 
quartiles of number of years in education previously standardized by country means).  

2.5 Statistical analysis 
Morning and evening cortisol levels were analysed separately.  
As cortisol is a biological measure following a circadian rhythm, the relative variation in cortisol 

per hour between both samplings was also investigated. The variation in cortisol per hour has been 
divided by the morning level as reference level. 

Each of these outcomes were firstly log-transformed to compensate for a non-normal distribution.  
Then, each outcome was analysed in relation to aircraft noise exposure using linear regression, 

adjusted for the confounders. 
Statistical analyses were carried out for men and women separately.   

3. RESULTS 
Means (sd) for cortisol outcomes were 24.1 (12.6), 5.5 (6.0), 0.08 (0.11) nmol.L-1 in men, and 23.9 

(13.4), 6.0 (6.5), 0.08 (0.07) nmol.L-1 in women, for the morning level, the evening level, and the 
relative variation respectively.  

In women, significant associations were found between noise indicators (except LA eq, 24h where the 
association was border significant) and the evening cortisol  level, suggesting an increase of cortisol 
concentration with aircraft noise exposure level; and between every noise indicators and the relative 
variation per hour, towards a flattening of the cortisol variation. Any association was found between 
aircraft noise exposure and the morning cortisol level. 

No association was found in men. 
 

Table 1 – Linear regression results for the relation between aircraft noise exposure and cortisol outcomes 

MALE FEMALE 

Morning level  

(nmol.L-1) 

Evening level 

(nmol.L-1) 

Relative variation 

per hour  

Morning level  

(nmol.L-1) 

Evening level 

(nmol.L-1) 

Relative variation per 

hour  

  exp(β) CI95% exp(β) CI95% exp(β) CI95% exp(β) CI95% exp(β) CI95% exp(β) CI95% 

LAeq,16h 0.99 (0.92;1.06) 1.04 (0.95;1.12) 0.97 (0.90;1.04) 1.04 (0.98;1.10) 1.08 (1.00;1.16) 0.92 (0.86;0.98) 

LAeq,24h 0.98 (0.91;1.05) 1.03 (0.94;1.12) 0.96 (0.89;1.04) 1.05 (0.98;1.12) 1.08 (1.00;1.17) 0.92 (0.85;0.98) 

Lden 0.99 (0.92;1.06) 1.04 (0.95;1.14) 0.96 (0.89;1.04) 1.03 (0.97;1.10) 1.09 (1.01;1.18) 0.90 (0.84;0.97) 

Lnight 1.00 (0.93;1.08) 1.05 (0.97;1.15) 0.95 (0.88;1.02) 1.00 (0.94;1.07) 1.11 (1.02;1.20) 0.89 (0.83;0.96) 

 

4. DISCUSSION 
The results of the present study are partly in line with those found based on the DEBATS 

participants only (8), where similar conclusions were drawn, but where no difference was shown 
between gender subgroups. Considering the HYENA participants only, significant associations were 
found only in women, but for an increase in the morning cortisol levels (9). The pooled-analyses, 
providing a greater statistical power, found significant associations between aircraft noise exposure 
and modification of the cortisol stress-hormone secretion for women only. 

The use of relative-variation per hour contributes to a new approach to analyze cortisol in relation 
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to noise exposure. This allows for potential measurement differences between HYENA and DEBATS 
related to sampling and cortisol determinations. 

Associations were stronger for women with an exposure during the night. The hypothesis that 
women have a higher susceptibility to noise during sleep could be relevant (12). However, when sleep 
duration was added to the model, results were similar.  

Noise exposure was calculated at participants' home address. It does not take into account exposure 
outside their home. However it is more likely that participants were in their home at night, so the Lnight 
should be the indicator closest to the real exposure: it may be the reason why the strongest associations 
were observed for Lnight. 

5. CONCLUSIONS 
The present results support the hypothesis that exposure to aircraft noise could be related to higher 

average values for the evening cortisol concentration, and therefore a flattening of the relative 
variation between morning and evening levels, especially in women. However, the cause/effect 
relations and the biological process between noise exposure and hormone dysregulation are still of 
major importance and need to be elucidated.  
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ABSTRACT 
For the development of the WHO Noise Guidelines for the European Region, meta-analyses for various 
cardio-metabolic outcomes were conducted to derive exposure-response associations for road traffic, aircraft 
and railway noise. Papers published until 2015 were considered. Since then, several new studies have been 
published. In the framework of revision of regulatory noise limits in Switzerland, up to date evidence for the 
health effects of noise is needed. Thus, the aim was to update recent meta-analyses for incidence of ischemic 
heart disease (IHD) and diabetes with studies published until February 2019. The same protocol was applied 
as done by the WHO Environmental Noise Guideline group. Systematic literature search followed the search 
strategy of the WHO. Risk of bias for each study was evaluated for various design aspects. Pooled 
exposure-response associations were calculated for road traffic, aircraft and railway noise based on fixed or 
random-effects model depending on the outcome of the Cochran’s Q-test and the I²-statistic, which reflects 
the percentage of between-study heterogeneity. Thirteen studies were included in the IHD meta-analysis, 
contributing 13 risk estimates for road traffic, 5 for aircraft and 3 for railway noise exposure. Only the result 
for road traffic noise reached statistical significance (1.02 [1.00 – 1.04] per 10 dB Lden). For diabetes, 6 
studies were included, contributing 5 risk estimates for road traffic, 3 for aircraft and 2 for railway noise 
exposure. Again, only the road traffic noise result was statistically significant (1.11 [1.08 – 1.15] per 10 dB 
Lden). Here we present the updated evidence and exposure-response analysis for Lden, and discuss whether 
and how evidence for ischemic heart disease and diabetes has changed in the last few years.  

 
 
Keywords: Source-specific noise, Incidence, Guideline limits 

1. INTRODUCTION 
Transportation noise, especially in our built-up areas and cities, is a part of daily life and an 

important risk factor for chronic disease. Epidemiological literature aimed to elucidate associations 
between transportation noise and adverse cardio-metabolic health effects is steadily increasing (1-5). 
Recently a comprehensive review has been conducted to develop the WHO Environmental Noise 
Guidelines for the European Region (6, 7). It included studies published between January 2000 and 
August 2015. While guideline values were largely set on the basis of the annoyance findings, it also 
reported an increased relative risks (RR) for ischemic heart disease (IHD) incidence and both road 
traffic noise (1.08 [95% confidence interval (CI): 1.01 ̶ 1.15] per 10 dB Lden) and aircraft noise (1.09 
[1.04 – 1.15] per 10 dB Lden). No studies on railway noise and IHD incidence were available. Few 
studies also reported associations between transportation noise and IHD mortality or diabetes. Since 
the cut-off date for inclusion in the Environmental Noise Guidelines, several new studies have been 
published.  

Switzerland is currently undertaking a revision of its regulatory noise limits. To do so, the approach 
of the WHO noise guidelines was used in a slightly adapted manner: First, key outcomes with 
sufficient evidence for noise effects, and with sufficient survey or epidemiological data to derive 
exposure-response functions, were selected. This included noise annoyance, sleep disturbances, 
ischemic heart diseases and diabetes. Second, for each of these outcomes, acceptable risk attributable 
to noise exposure was determined taking into account their disability weights. Third, 
exposure-response functions for each outcome were obtained or derived for road, railway and aircraft 
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noise to determine the noise level with acceptable risk. To this end, we aimed to review and update 
relevant sections of the WHO guidelines to incorporate new studies on incidence of IHD and diabetes 
published until February 2019 to derive updated exposure-response functions. 

  

2. METHOD 
For the systematic review and meta-analysis, the same protocol used by the WHO Environmental 

Noise Guideline group was followed. This included: applying the same search strategy (see section 
2.1) and evaluating the risk of bias (RoB) for all exposure-outcome pairs in each study (adapted from 
(8)). Pooled exposure-response associations were calculated separately for road, railway and aircraft 
noise using fixed or random-effects meta-analysis depending on the outcome of the Cochran’s Q-test 
and the I²-statistic, and presented graphically in Forest plots.  

For incidence of IHD, the meta-analyses presented in Figures 1 (road traffic noise) and 10 (aircraft 
noise) in the Environmental Noise Guidelines were updated (6). A more recent systematic review and 
meta-analysis was used as the starting point for updating the meta-analysis on diabetes incidence (9). 
These are subsequently referred to as the “start meta-analyses (start MA).” 

2.1 Literature search and selection criteria 
The literature search was conducted for the period 01.01.2014 to 01.03.2019. The OVID search 

from van Kempen (7) was slightly modified to exclude outcomes not of interest at the outset. A 
PubMed search was also included for IHD following that used in our previous publication by Vienneau 
(10). The search strings are presented in Annex 1. The search was supplemented with recent 
publications maintained in the author’s collections, identified previously through hand searching 
and/or email alerts. 

 
The following inclusion/exclusion criteria were applied: 

a) Studies on road traffic, railway or aircraft noise exposure and incidence of IHD or diabetes 
(excluding gestational diabetes) were retained; those only reporting prevalence and/or 
mortality were excluded.  

b) Accepted study designs were cohorts, case-control and small-area studies.  
c) Exposure had to be modelled or measured. Eligible studies had to quantify the association 

in dB by a linear trend or in categories from which the linear trend could be calculated. RRs 
were expressed per 10 dB Lden prior to pooling (10). 

d) Studies were only included if basic adjustment for socio-economic status was performed. 
 
For eligible studies, risk estimates were extracted using the following selection criteria:  

e) For IHD, studies that were exclusively non-fatal or combined fatal and non-fatal incident 
myocardial infarction (MI) or IHD were accepted. If both MI and IHD were available, risk 
estimates for IHD were selected. 

f) Modelled community noise was included only for the predominant source (e.g., if road 
traffic noise was the main source, risk estimates for community noise exposure were 
included in the road traffic noise meta-analysis).  

g) If available, the risk estimates adjusted for air pollution were selected. When several 
models were presented in a single study, the NOx-adjusted risk estimate was selected over 
the PM-adjusted on the basis of NO2 being the better proxy for traffic related air pollution. 

h) Retained studies were cross-checked against those previously included in each start MA to 
ensure no duplication of study populations. Where relevant, the most recent results (i.e. 
with larger population or longer follow-up) were retained. 

3. RESULTS 

3.1 Study and risk estimate selection 
The OVID search returned 31 and 55 hits for IHD and diabetes, respectively and the PubMed search 

for IHD returned 81hits. The study selection process is outlined in Figure 1. After removing duplicates, 
studies already in the start MA, abstract screening and application of the selection criteria during 
full-text evaluation, a total of 7 and 3 new studies were respectively retained for IHD (11-17) and 
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diabetes (13, 18, 19). Studies in the start MA were reintroduced at the end of the study selection 
process, after verification that the inclusion/exclusion and selection criteria were still met. 

Two recent studies were included through scanning the author’s collections, specifically Pyko (15) 
and Ohlwein (18). Two studies did not meet the inclusion criteria and were excluded during full text 
evaluation: de Kluizenaar (20) because the reported RR was for IHD and cerebrovascular disease 
combined, and the Kaunas study by Grazuleviciene (21) because it did not have any adjustment for 
SES. Finally, three replacement studies were identified: for IHD, Sørensen (22) was replaced by 
Roswall (16) with longer follow up; for diabetes, Sørensen (23) was replaced by Roswall (19) with 
longer follow up, and the conference paper from Ohlwein was replaced by the subsequent 
peer-reviewed publication (18).  

Regarding incidence of diabetes, there was only one eligible cohort study for aircraft noise (24) and 
a second cohort for road traffic and railway noise exposure (23) at the time of the WHO review (6, 7). 
Since then, several more studies have been published and were included in the review by Zare 
Sakhividi (9). This was considered the start MA, to which only one entirely new study (13) was 
identified and incorporated here. Summary information for the retained studies for both IHD and 
diabetes incidence is shown in Annex 2. 

In selecting the risk estimates for extraction the following decisions were taken according to the a 
priori defined criteria (see section 2.1). The diabetes study by Clark (25) used modelled community 
noise, identifying road traffic as the predominant transportation noise source. The risk estimate was 
thus included in the meta-analysis for diabetes and road traffic noise only. Both Clark (25) and Cai (12) 
presented several models adjusted for air pollution and according to the criteria the NOx-adjusted risk 
estimates were extracted. 

      

 
Figure 1 – Study selection 
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3.2 Meta-analysis and evaluation  
In total, 13 studies were included in the IHD meta-analysis, by source contributing 13, 5 and 3 risk 

estimates respectively for road traffic (11-17, 26-29), aircraft (13, 15, 17, 30, 31) and railway (15-17) 
noise exposure.  

As illustrated in Figure 2 and summarized in Table 1, the pooled RRs from these studies resulted in 
a respective 2%, 3% and 1% increased risk of IHD incidence per 10 dB increment in Lden. Only the 
result for road traffic noise reached statistical significance (1.02 [1.00 – 1.04] per 10 dB Lden). Further 
the studies on road traffic noise and IHD incidence showed negligible heterogeneity, and overall most 
studies were judged to have low risk of bias. The studies for aircraft noise were heterogeneous, and 
over half were judged to have high risk of bias. Though only a few studies were available, the 
heterogeneity amongst those included for railway noise was negligible and the studies were judged to 
have low risk of bias.   

  
Figure 2 – Pooled association between IHD incidence and transportation noise (per 10 dB Lden) by source  

(*Dimakopoulou indicates point estimate is off the scale)  
 
For diabetes, a total of 6 studies were included, by source contributing 5, 3 and 2 risk estimates 

respectively for road traffic (1, 13, 18, 19, 25), aircraft (1, 13, 24) and railway (1, 19) noise exposure. 
 Figure 3 presents the pooled RRs by source, with the results also summarized in Table 1. For road 

traffic noise an 11% increased risk for diabetes incidence was found (1.11 [1.08 – 1.15] per 10 dB 
Lden). Heterogeneity amongst the 5 included cohort studies was negligible, and overall risk of bias for 
was determined to be low.  

Full evaluation of the risk of bias is shown in Annex 3. 
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Figure 3 – Pooled association for diabetes incidence and transportation noise (per 10 dB Lden) by source 

 

Table 1 – Summary of findings  

Noise 

Source 

No. Estimates by Study 

Design 

RR per 10 dB Lden 

(95% CI) 

Overall Risk of 

Bias a 

IHD incidence 

Road traffic 
6 cohort, 6 case-control, 1 

small-area 
1.02 (1.00 – 1.04) Low (83%) 

Aircraft 
2 cohort, 1 case-control, 2 

small-area 
1.03 (0.98 – 1.09) High (60%) 

Railway 2 cohort, 1 case-control 1.01 (0.99 – 1.03) Low (100%) 

Diabetes incidence 

Road traffic 5 cohort 1.11 (1.08 – 1.15) Low (60%) 

Aircraft 2 cohort, 1 case-control 1.20 (0.88 – 1.63) Low (66%) 

Railway 2 cohort 0.99 (0.94 – 1.04) Low (100%) 
a Overall risk of bias designated as low or high if >50% of the studies for each noise source and 
outcome had low or high risk of bias, respectively. 

4. DISCUSSION 
Since the cut-off date for inclusion of studies into the WHO guidelines, approximately 6 new 

studies each for both IHD and diabetes incidence have been published. This substantially adds to the 
growing body of evidence on the cardio-metabolic health effects of transportation noise. Further, most 
of the recent studies include several sources of transportation noise (1, 13, 15-17, 19), a trend that is 
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encouraging for strengthening the evidence to refine the exposure-response relationships, in particular 
for aircraft and railway noise exposure where studies were lacking in past. This trend also supports 
multi-pollutant modeling which can help distinguish the source, or combinations, driving the observed 
effects. 

For IHD incidence the updated meta-analysis indicated a modest but statistically significant 2% 
increased risk per 10 dB Lden road traffic noise. The 3 and 1% respective risk increases for aircraft and 
railway noise were not statistically significant. While the point estimates are notably smaller than that 
reported in the WHO guidelines (i.e. 1.08 [1.01 – 1.15] per 10 dB Lden road traffic noise; 1.02 [1.00 – 
1.15] per 10 dB Lden aircraft noise), the confidence intervals were also reduced, especially for road 
traffic noise. Two new large studies included for road traffic noise were influential in reducing the 
observed pooled effect with weights of over 30% (14, 17). Notably one was judged to have high risk of 
bias, thus additional large (preferably cohort studies often with lower risk of bias) in new study 
populations are justified.  

Several of the IHD studies conducted categorical or non-parametric analyses to evaluate the form 
of the exposure-response functions. From these studies it could be concluded that the 
exposure-response function is approximately linear over the whole exposure range with lowest Lden 
levels typically around 35-45 dB. This implies that no threshold could be identified below which noise 
induced IHD risk can be excluded with a high level of certainty.  

We did consider studies that exclusively considered IHD mortality. Of note, the results of the 
meta-analysis are in line with those for cardiovascular mortality from the SiRENE study (Short and 
Long Term Effects of Transportation Noise Exposure) (3) which included the entire adult population in 
Switzerland. 

An insufficient number of studies on diabetes incidence and transportation noise were available for 
meta-analysis in the WHO guidelines. The new studies incorporated in Zare Sakhvidi (9) and here, 
however, suggest that transportation noise is an important risk factor for diabetes. Similar to IHD, 
most evidence relates to the association between road traffic noise with the updated exposure-response 
association showing a significant 11% increased risk (1.11 [1.08 – 1.15] per 10 dB Lden). Some of the 
included studies were judged to have high risk of bias. Also similar to IHD, the two most influential 
studies (weights over 30%) were not judged to have the same risk of bias (i.e. one was low, the other 
high). Again, approximately linear exposure-response functions were observed without any noticeable 
threshold above 35-45 dB.  

 

5. CONCLUSIONS 
Consideration of the newest evidence on the cardio-metabolic health effects of transportation noise 

sources is paramount for setting appropriate regulatory limits to protect the population. This update of 
the WHO Environmental Noise Guidelines for the European Region showed that road traffic noise is 
an important risk factor for both IHD and diabetes incidence. Indications for an association for aircraft 
noise were also apparent, though the contributing studies were heterogeneous. The evidence for an 
association between railway noise and incidence of these cardio-metabolic diseases is at present less 
convincing, though this assessment is based on the small number of studies currently available.    

ACKNOWLEDGEMENTS 
We acknowledge the Federal Office for the Environment for funding this work (grant number 

16.0076.PJ), and also the Swiss National Science Foundation for funding the Tranquil study (grant 
number 324730_173330). 

 
 
 

  

1548



REFERENCES 
1. Eze IC, Foraster M, Schaffner E, Vienneau D, Héritier H, Rudzik F, et al. Long-term exposure to 
transportation noise and air pollution in relation to incident diabetes in the SAPALDIA study. Int J Epidemiol. 
2017;46(4):1115-25. 
2. Foraster M, Eze IC, Schaffner E, Vienneau D, Heritier H, Endes S, et al. Exposure to Road, Railway, and 
Aircraft Noise and Arterial Stiffness in the SAPALDIA Study: Annual Average Noise Levels and Temporal 
Noise Characteristics. Environ Health Perspect. 2017;125(9):097004. 
3. Héritier H, Vienneau D, Foraster M, Eze IC, Schaffner E, Thiesse L, et al. Transportation noise exposure 
and cardiovascular mortality: a nationwide cohort study from Switzerland. Eur J Epidemiol. 2017;32 (4):307-15. 
4. Munzel T, Sorensen M, Gori T, Schmidt FP, Rao X, Brook FR, et al. Environmental stressors and 
cardio-metabolic disease: part II-mechanistic insights. Eur Heart J. 2016. 
5. Munzel T, Sorensen M, Gori T, Schmidt FP, Rao X, Brook J, et al. Environmental stressors and 
cardio-metabolic disease: part I-epidemiologic evidence supporting a role for noise and air pollution and effects 
of mitigation strategies. Eur Heart J. 2017;38(8):550-6. 
6. WHO. Environmental Noise Guidelines for the European Region. Copenhagen, Denmark: WHO 
Regional Office for Europe; 2018. Report No.: ISBN 978 92 890 5356 3. 
7. van Kempen E, Casas M, Pershagen G, Foraster M. WHO Environmental Noise Guidelines for the 
European Region: A Systematic Review on Environmental Noise and Cardiovascular and Metabolic Effects: A 
Summary. Int J Environ Res Public Health. 2018;15(2). 
8. RIVM. Cardiovascular and metabolic effects of environmental noise - Systematic evidence review in the 
framework of the development of the WHO environmental noise guidelines for the European Region. Bilthoven, 
the Netherlands: National Institute for Public Health and the Environment, Ministry of Health, Welfare and 
Sport; 2017.  Contract No.: RIVM Report 2017-0078. 
9. Zare Sakhvidi MJ, Zare Sakhvidi F, Mehrparvar AH, Foraster M, Dadvand P. Association between noise 
exposure and diabetes: A systematic review and meta-analysis. Environ Res. 2018;166:647-57. 
10. Vienneau D, Schindler C, Perez L, Probst-Hensch N, Roosli M. The relationship between transportation 
noise exposure and ischemic heart disease: A meta-analysis. Environ Res. 2015;138:372-80. 
11. Bodin T, Bjork J, Mattisson K, Bottai M, Rittner R, Gustavsson P, et al. Road traffic noise, air pollution 
and myocardial infarction: a prospective cohort study. Int Arch Occup Environ Health. 2016;89(5):793-802. 
12. Cai Y, Hodgson S, Blangiardo M, Gulliver J, Morley D, Fecht D, et al. Road traffic noise, air pollution 
and incident cardiovascular disease: A joint analysis of the HUNT, EPIC-Oxford and UK Biobank cohorts. 
Environment International. 2018;114:191-201. 
13. Dimakopoulou K, Koutentakis K, Papageorgiou I, Kasdagli M-I, Haralabidis AS, Sourtzi P, et al. Is 
aircraft noise exposure associated with cardiovascular disease and hypertension? Results from a cohort study in 
Athens, Greece. Occupational and environmental medicine. 2017;74(11):830-7. 
14. Halonen JI, Hansell AL, Gulliver J, Morley D, Blangiardo M, Fecht D, et al. Road traffic noise is 
associated with increased cardiovascular morbidity and mortality and all-cause mortality in London. European 
Heart Journal. 2015. 
15. Pyko A, Andersson N, Eriksson C, de Faire U, Lind T, Mitkovskaya N, et al. Long-term transportation 
noise exposure and incidence of ischaemic heart disease and stroke: a cohort study. Occup Environ Med. 
2019;76(4):201-7. 
16. Roswall N, Raaschou-Nielsen O, Ketzel M, Gammelmark A, Overvad K, Olsen A, et al. Long-term 
residential road traffic noise and NO2 exposure in relation to risk of incident myocardial infarction - A Danish 
cohort study. Environmental research. 2017;156:80-6. 
17. Seidler A, Wagner M, Schubert M, Droge P, Pons-Kuhnemann J, Swart E, et al. Myocardial Infarction 
Risk Due to Aircraft, Road, and Rail Traffic Noise. Deutsches Arzteblatt international. 2016;113(24):407-14. 
18. Ohlwein S, Hennig F, Lucht S, Matthiessen C, Pundt N, Moebus S, et al. Indoor and outdoor road traffic 
noise and incident diabetes mellitus: Results from a longitudinal German cohort study. Environmental 
Epidemiology. 2019;3(1):e037. 
19. Roswall N, Raaschou-Nielsen O, Jensen SS, Tjonneland A, Sorensen M. Long-term exposure to 
residential railway and road traffic noise and risk for diabetes in a Danish cohort. Environmental research. 
2018;160:292-7. 
20. de Kluizenaar Y, van Lenthe FJ, Visschedijk AJ, Zandveld PY, Miedema HM, Mackenbach JP. Road 
traffic noise, air pollution components and cardiovascular events. Noise Health. 2013;15(67):388-97. 
21. Grazuleviciene RL, J; Mozgeris, G; Merkevicius, S; Deikus, J. Traffic noise emissions and myocardial 
infarction risk. Polish Journal of Environmental Studies. 2004;13(6):737-41. 
22. Sørensen M, Andersen ZJ, Nordsborg RB, Jensen SS, Lillelund KG, Beelen R, et al. Road traffic noise 
and incident myocardial infarction: A prospective cohort study. PLoS ONE. 2012;7(6):e39283. 
23. Sørensen M, Andersen ZJ, Nordsborg RB, Becker T, Tjonneland A, Overvad K, et al. Long-term exposure 
to road traffic noise and incident diabetes: a cohort study. Environmental Health Perspectives 
2013;121(2):217-22. 
24. Eriksson C, Hilding A, Pyko A, Bluhm G, Pershagen G, Ostenson CG. Long-term aircraft noise exposure 

1549



and body mass index, waist circumference, and Type 2 diabetes: A prospective study. Environmental Health 
Perspectives. 2014;122(7):687-94. 
25. Clark C, Sbihi H, Tamburic L, Brauer M, Frank LD, Davies HW. Association of Long-Term Exposure to 
Transportation Noise and Traffic-Related Air Pollution with the Incidence of Diabetes: A Prospective Cohort 
Study. Environmental health perspectives. 2017;125(8):087025. 
26. Babisch W, Beule B, Schust M, Kersten N, Ising H. Traffic noise and risk of myocardial infarction. 
Epidemiol. 2005;16(1):33-40. 
27. Babisch W, Ising H, Gallacher JE, Sweetnam PM, Elwood PC. Traffic noise and cardiovascular risk: the 
Caerphilly and Speedwell studies, third phase-10-year follow up. Arch Environ Health. 1999;54(3):210-6. 
28. Babisch W, Ising H, Kruppa B, Wiens D. The incidence of myocardial infarction and its relation to road 
traffic noise— the Berlin case-control studies. Environment International. 1994;20(4):469-74. 
29. Selander J, Nilsson ME, Bluhm G, Rosenlund M, Lindqvist M, Nise G, et al. Long-term exposure to road 
traffic noise and myocardial infarction. Epidemiol. 2009;20(2):272-9. 
30. Correia AW, Peters JL, Levy JI, Melly S, Dominici F. Residential exposure to aircraft noise and hospital 
admissions for cardiovascular diseases: multi-airport retrospective study. British Medical Journal. 
2013;347:f5561. 
31. Hansell AL, Blangiardo M, Fortunato L, Floud S, de Hoogh K, Fecht D, et al. Aircraft noise and 
cardiovascular disease near Heathrow airport in London: small area study. BMJ. 2013;347:f5432. 
 
 

List of Annexes 
 
ANNEX 1: Search strings 

• Ischemic Heart Disease (IHD) 
o OVID search – adapted from van Kempen (2018) 
o PubMed search – from Vienneau (2015) 

• Diabetes 
o OVID Search – adapted from van Kempen (2018) 

 
ANNEX 2: Characteristics of the included studies 
 
ANNEX 3: Risk of Bias (RoB) assessment for included studies 

• Risk of Bias tool (replicated and adapted from RIVM report pg. 53-54 (8)) 
• RoB evaluation: IHD studies 
• RoB evaluation: Diabetes studies 

 
 
Available online https://edoc.unibas.ch/70857/ 

1550



The Application of Dither for Suppressing Curve Squeal

Wolfgang KROPP(1), Arthur AGLAT, Jannik THEYSSEN, Astrid PIERINGER

(1)Chalmers University of Technology, Sweden, Wolfgang.Kropp@chalmers.se

Abstract
Curve squeal is a highly disturbing tonal sound generated by vehicles like railways, metros or trams, when
negotiating a sharp curve. The probability that squeal occurs increases with reduced curve radius of the track.
Curve squeal noise is attributed to self-excited vibrations caused by stick/slip behaviour due to lateral creepage
of the wheel tyre on the top of the rail. With respect to the enormous number of the rolling stock units and
the long lifetime of waggons there is an urgent need for a cheap and simple retrofitting measure to reduce
curve squeal. The main objective of the paper is therefore to investigate the potential to reduce curve squeal by
means of active control in the form of dither in an efficient and robust way. Dither control has been applied in
the field of mechanical engineering for systems including non-linear components. There it has been shown to
suppress self-excited oscillations very efficiently. The control is an open loop control. It consists in adding a
forced vibration to the vibrational system. The demand on this additional signal is that it is higher in frequency
than the friction-induced response. From a physical point of view, dither control modifies the effective friction
characteristic.
Keywords: Curve squeal, dither, self-excited vibrations, noise control

1 BACKGROUND

2 Background
Curve squeal is a highly disturbing tonal sound generated by vehicles such as railways, metros or trams, when
negotiating a sharp curve. The probability that squeal occurs increases with reduced curve radius of the track.
For curves with a radius of 200 m and below, curve squeal is common. At the same time such tight curves
occur mainly in urban areas where many people live close to the tracks. Therefore curve squeal can contribute
to the negative health impact of traffic noise. Curve squeal is also a comfort issue for passengers. In [1] it
is stated that about 7 percent of railway customers are highly disturbed by curve squeal noise. Curve squeal
noise is attributed to self-excited vibrations caused by stick/slip behaviour due to lateral creepage of the wheel
tyre on the top of the rail [2]. However, the actual mechanism of the instability is still a controversial topic.
The falling friction curve has been identified by as series of reports (see e.g. [3] -[5] as well as the coupling
between normal and tangential dynamics [6]-[8]. For the reduction of curve squeal noise mainly three measures
are available

• There have been several attempts made to optimise the design of wheel and rail towards less curve squeal.
Most successful seems to be the asymmetric rail profile [9] moving the contact position on the inner wheel
outside the so-called “squeal zone”. There are, however, no implementations of improved design on the
market.

• Lubrication of the rail with grease, water or specially developed friction modifiers has been shown to be
efficient in some cases [10], in other cases it failed [11]. By reducing the friction coefficient curve squeal
might be eliminated. Problems could be insufficient traction forces or the contamination of the soil close
to the track or when using pure water the need to avoid freezing.

• Wheel dampers showed in some situations good results. By adding constrained damping layers [12] or
so-called ring dampers [13] substantial reduction could be achieved if the damped modes were involved in
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the curve squeal. In this context, the amount of reduction is not proportional to the increase in damping.
Already little additional damping can suppress the self-excitation of stick-slip motions and therefore give
high reduction.

None of the measures is really offering a sustainable and reliable solution to the problem of curve squeal. While
new design does not solve the problems with existing infrastructure, wheel damping and lubrication have shown
to work in certain situations, but to fail in others. With respect to the enormous number of the rolling stock
units and the long lifetime of waggons there is obviously an urgent need for a cheap and simple retrofitting
measure to reduce curve squeal.

3 ACTIVE CONTROL OF SELF-EXCITED VIBRATIONS AND DITHER
Typical examples of self-excited vibrations are flutter, Rijke tube, combustion instabilities, or friction oscillators.
In a self-excited system, non-oscillatory energy is transformed to oscillatory energy due to an often non-linear
feedback process between an oscillator of the system and the non-oscillatory energy source. Active control
has been shown to be very suitable to disturb this feedback process and suppress the build-up process of the
self-excited vibrations. Maria Heckl was probably the first who successfully has used this approach for the
control of the noise generation from the Rijke tube [14]. Other examples concern instable combustion [15],
machine chatter using active bearings [16] or torsional vibrations in a drillstring [17]. Maria Heckl also used an
active control approach for the control of curve squeal noise [18]-[20]. With a pre-calculated control law she
fed back wheel vibrations to force transducers either on wheel or rail. She also demonstrated the functioning
of the approach at a very simplified experimental set-up. In “standard” active control a negative copy of the
original (vibration) field is created by active sources and added to the field to be reduced. This approach
demands high accuracy in amplitude and phase for the added field, while for destroying the feedback process
by active means the control laws are more relaxed. Both amplitude and phase have just to be in a certain range.
This is the strength of the application of active control in the case of self-excited vibrations. In this aspect,
dither goes even a step further. It has been widely used in different areas such as audio recording techniques,
optics, image processing, and control technology. The expression refers to the application of signals/information
to a system in order to modify its characteristics. A specific example is the use of dither to compensate
for the negative consequence of quantisation errors. By adding shaped noise to the audio signals before the
analog/digital converting process the audio quality is improved substantially. Dither control also has been applied
in the field of mechanical engineering. Especially for systems including non-linear components dither can be
used to suppress self-excited oscillations. Morgül [21] showed that in the case of friction oscillators, dither
control could be used to prevent the build-up of stick/slip motion. He investigated the control of chaotic systems
with dither and showed that there are no restrictions with respect to frequency content or time behavior of the
signals others than that the frequency content has to be higher than the friction-induced response. In addition,
dither control is an open-loop control. This means the signal is just superposed to the existing field without
any feedback. Therefore its implementation is simple and does not require an as complex control environment
as traditional active control approaches do. Up to now dither control has not been used for the control of curve
squeal as far as the authors can conclude from literature. Dither control of self-excited vibrations has mainly
been investigated for generic cases such as simple oscillators with friction elements (see e.g. [22] and [23]).
There it was shown that dither control could be used to modify the effective friction characteristics. It also
has been shown that the underlying friction characteristic is essential for the functioning of dither [23]. Dither
control does not always suppress the self-excited oscillation, but can also lead to instabilities. Besides for simple
oscilators, dither control has also been used for the control of brake disk squeal in automotive applications.
Cunefare [25] and later Bardetscher et al. [26] showed for disc brake rotor squeal that “normal dither” could be
used to reduce and even suppress the generation of squeal. The performance of the brakes was only marginally
reduced. “Normal dither” in this context means that the dither control changed the normal force between brake
pad and brake disk. An alternative would have been “tangential dither”. In [23] a harmonic signal is used as
dither with a frequency above the eigenfrequencies of the squeal modes under consideration. Even frequencies

1552



outside the audible range (i.e. above about 20 kHz) were shown to work in this application. In this case,
the dither signal is not audible. Therefore the control is not adding a disturbing tonal signal. Dither seems to
offer substantial potential for squeal noise reduction, although the validity of this statement is limited to cases
investigated (see also [27]). In the case of friction, one could interpret dither as a controlled modification of
the friction curve due to additional external forces. However, there is no general rule for selecting the signal
form and amplitude, although e.g. in [28] it was shown that periodic square signals are much more effective
than sinusoidal signals.

4 THE MODELLING OF CURVE SQUEAL AND DITHER
To model the intrinsically non-linear and transient phenomenon of curve squeal is an enormous challenge, just
considering the complexity of the involved structures, the need to include non-linear transient rolling contact and
the fact that the required frequency range easily exceeds 10-15 kHz. While frequency models can be used to
investigate which modes are prone to squeal, amplitudes of squeal can only predicted by time domain models,
a fact, which increases the computational effort substantially. Consequently many of the existing time domain
models rely on simplifications of wheel, rail or contact formulation. Typically rail dynamic is neglected. The
consequences of this simplification are not clear. The few who include rail dynamics (e.g. [29]-[31]) do not
come to an agreement on this issue. However, we know from practice that changes in the track design can
increase or decrease the problems with curve squeal [32]. Most models describe the relation between creep
force and creep in an analytical form, which only partly can represent the non-linear process in the contact
zone. However, even more advanced models can be questioned. Périard [29] for instance included a modified
version of Kalkers steady-state contact model FASTSIM [33] in his squeal model. The consequences of using
such simplified contact models are not clear.

4.1 The curve squeal model at Chalmers, Applied Acoustics
In the following an approach developed by Pieringer [34] is used. She combined pre-calculated impulse response
functions for rail and wheel with the model by Kalker for transient rolling contact [35]. Rail responses are
calculated with Wave Guide Finite Elements while for the wheel a standard Finite Element Model is used. In
this way, the complete dynamics of wheel and rail in the required frequency range is considered in combination
with a fully three-dimensional transient and non-linear contact model. The computational costs are acceptable
in contrast to the computational costs of an equivalent full Finite Element Model for curve squeal. Zenzerovic
then developed an “engineering” version of the model by Pieringer. The procedure for calculating the contact
forces by time-stepping is described in [36, 37]. Three components are pre-calculated and act as inputs to the
calculation.

• The dynamic wheel and rail responses at the contact position are given as moving Green’s functions.

• The geometrical information about the discretised contact patches of the contacting bodies is the second
input. It includes elastic half-space influence coefficients, which describe the elastic half-space deformation
field on the contact elements caused by the tangential tractions.

• Finally, a regularised friction curve for the global, one-point contact is pre-calculated for each set of
contact parameters, assuming on Coulomb friction in each contact element. The contact parameters include
the vertical force of interest, contact position, the Coulomb friction coefficient and the rolling speed.

For each time-step, the wheel and rail response are convolved to provide the displacements of both bodies as an
input to the contact model. The normal contact problem is solved first, providing the normal load as an input
to the tangential contact. The tangential problem is solved subsequently, and the vertical and lateral contact
forces serve as inputs to the next convolution step of the dynamic wheel and rail response. To include dither
is straight forward in this modelling approach as it means just adding an additional force which is varying over
time in a prescribed way.
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4.2 Test setup
For the test of the dither approach the model was adapted to a squeal rig recently built at Chalmers University
of Technology by two of the authors [38]. The final goal is to validate the dither approach at this test rig
experimentally. The rig consists of two wheels pressed with a defined preload against each other. The upper
wheel represents the rail while the lower wheel represents the wheel. The lower wheel is driven by an electric
motor. Different contact positions and lateral creepage can be chosen by altering the setup. For both wheels FE
models where created to obtain the wheel receptances in vertical and lateral directions as well as for the coupled
direction. The calculated receptances where compared with measured receptances for the freely suspended wheel
as well as for wheels mounted in the rigg. For the simulations presented here the following data are used

• Rolling speed: 50 km/h

• Load: 20 kN

• Friction coefficient for the Coulomb friction: 0.55

• 3 degree angle between upper and lower wheel

For the realisation of the dither an additional lateral force is added at the contact point. This is of course not
realistic for an experimental implementation, but it is the easiest way to implement dither forces in the model.

Figure 1. Squeal rig at Applied Acoustics designed for the validation of the simulation tool for curve squeal
and the approach for dither. Black error indicates the case which is discussed in the following

5 RESULTS
As a very first step the simulations are run without dither as reference for a case where clear instability oc-
curred. For the parameters described int the previous section the mode involved in the instability has its eigen-
frequency slightly above 2000 Hz. In a second step the additional sinusoidal lateral force (the dither force) is
varied in amplitude and frequency. The only condition for the frequency was that it had to be higher than the
frequency involved in the instability, i.e. in this case above 2000 Hz. For each case the results with dither
are compared with the results without dither with respect to the displacement of wheel and rail at the contact
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Figure 2. Mapping of the insertion loss in dB due to the application of a dither force

point. Figure 2 shows the results for frequencies around 3706 Hz where also an eigenfrequency of the wheel is
situated.
The amplitude represented by different colours could be interpreted as the insertion loss with respect to the total
displacement. However the interpretation is not so simple as it covers the whole frequency range inclusively
the DC the part which dominates the resulting values. Closer investigation shows, that despite this short-coming
the figure gives information when the dither will lead to a clear reduction. These are the values inside the
light yellow contour. The black arrow indicates a very fortunate case as for a relatives small dither force
a rather high reduction of the instability can be achieved. The resulting spectra for this case in comparison
with the case without dither is shown in on the left side of Figure 3. The dynamic shown in the Figure
is rather big. Therefore the two main frequency components are shown in an additional figure on the right.
The displacement without dither are shown as dashed curves, the displacements with dither as solid curves. The
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Figure 3. Spectrum of the displacements for the cases with and without dither (left). Zoom in for the two most
prominent frequencies, the dither frequency at 3706 Hz and the frequency at which instability occurred at 2004
Hz (right)

dither suppresses completely the instability but of course a tonal response is created at the dither frequency. This
tonal displacement however is about 10 dB below the displacement at the instability without dither. Increasing
the dither force at about 3706 Hz will always stop the instability, however with increasing force the response
of the structure to the dither increases as well. Therefore it might be important to keep the force as small
as possible. In the example shown here the dither force was always acting from the very beginning of the
simulations. However even for a delayed start of the dither, the dither force still manages to stop the instability
as shown in Figure 4 on the right hand side.

1555



0.5 1 1.5 2 2.5 3
Time in s

1

2

3

4

5

6

7
Fr

eq
ue

nc
y 

in
 k

H
z

-155

-150

-145

-140

-135

-130

Po
w

er
sp

ec
tru

m
 d

B

0.5 1 1.5 2 2.5 3
Time in s

1

2

3

4

5

6

7

Fr
eq

ue
nc

y 
in

 k
H

z

-155

-150

-145

-140

-135

-130

Po
w

er
sp

ec
tru

m
 d

B

Figure 4. Spectogram of the total displacement when the dither force starts immediately (left) and after 0.5
seconds (right). The dither frequency is 3606 Hz, the instability occurs at 2008 Hz

6 CONCLUSIONS
The paper showed that the application of dither is a possible tool to abate curve squeal. The instability due
to time varying friction between rail and wheel is suppressed when a dither force is applied with a frequency
above the frequency of the occurring instability. However this demands a sufficient amplitude of the vibrations
due to the dither force. As described in the previous text the particularity with self-exited vibration is that
non-oscillatory energy is transformed into oscillatory energy due to an non-linear feedback process between
an oscillator of the system and the non-oscillatory energy source. Is this feedback process disturbed or even
destroyed, the flow of energy from the non-oscillatory source is not able to maintain the vibrations. When
adding a sufficiently high dither force, the velocity at the dither frequency takes over the control over the
friction between rail and wheel. The friction forces occurring in this case, however do not built up a instability
but are only a reaction force due to the oscillatory movement of the wheel.
In order to create sufficiently high velocities on the wheel to take over the friction process it is of advantage to
make use of eigenfrequencies of the wheel. By exciting at or close to resonance the “control effort” is kept to
a minimum. Forces as used in the previous example were in the order of 10 N and it should not be a problem
to implement those forces experimentally. It also has been shown that it is sufficient that dither is applied first
when squeal occurs as an open loop response. As a final step an experimental validation is needed.
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ABSTRACT
The mechanisms of curve squeal generation (lateral stick-slip effect on the top of the rail and/or friction of the 
wheel flange) are well known. Even if various influencing parameters were already investigated mostly on a 
theoretical level, in real train operation the parameters are in general not measurable in their entirety and their 
effects due to the complex interdependencies between them are often not predictable. That is why curve 
squeal generation often seems to have a random character.
As a continuation of previous studies the aim of the work presented was to investigate the influence of 
weather condition changes over a whole year and wheel profile parameters changes due to wear on the 
occurrence frequency of curve squeal. For this, measurements of the pass-by noise emissions and the weather 
conditions in a narrow curve (radius 230 m) of a Vienna suburban railway line were carried out over a period 
of 11 months. Due to a previously developed algorithm for automatic detection of curve squealing more than 
20000 data sets were available for subsequent statistical analysis. In the paper the dependencies of squeal 
frequency on rain, air humidity, dew point, and rail temperature, as well as wheel parameters are presented in 
detail.

Keywords: Curve Squeal, Weather Conditions, Wheel Wear

1. INTRODUCTION
In narrow curves, in addition to the ordinary rolling noise, which basically arises from rail and 

wheel roughness, also noise components with high amplitudes at high frequencies may occur. These 
components are often a major source of annoyance for people who live near of curved railway tracks.
The high importance with regard to noise protection is emphasized by the consideration of the
increased emissions in computational models for strategic noise mapping (e.g. European directive 
2015/996 for common noise assessment methods (1)).

Components with a dominant tonal characteristic are usually called curve squealing. As the main 
cause of such emissions lateral creepage at the contact between the wheel tread and the top of the rail 
head was already identified by Rudd in 1976 (2). Thereby alternating sticking and slipping phases 
excite the wheel to vibrate corresponding to one of its axial wheel modes. Zenzerovic (3) states, that 
for the initiating and persisting stick-slip vibrations the falling friction law (decrease of friction 
coefficient with increasing slip velocity) and/or a geometric coupling of wheel modes will be needed. 
The observed squeal frequencies range from several hundred Hertz to few Kilohertz (the stated 
frequency ranges vary widely: for instance Meehan et al. (4) report a frequency range from 600 Hz to 
10 kHz, whereas Thompson (5) quantify the range from 250 Hz to 5 kHz). 

Apart from to stick-slip squealing, in narrow curves also the contact between wheel flange and rail 
gauge face may be source of considerable annoying noise components. However, due to wheel flange 
rubbing a different sound characteristic will be generated: Thompson (5) describes flange squeal 
compared to stick-slip squeal as more broadband and more intermittent noise with higher fundamental 
frequencies, which may have lower levels. 

Even if the basic mechanisms which are responsible for squeal generation are well known, there are 
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many different influence parameters which may have significant effects. For instance, Dittrich et al. 
(6) pointed out 18 different parameters related to vehicle, track, and/or environment. This high number 
of parameters emphasizes the complexity of phenomenon of curve squeal generation. Furthermore, in 
real-life observations of curve squealing of trains in operation, it will almost be impossible to record 
all potential influence parameters so that squeal noise generation often seems to be more random rather 
than deterministic.

In this context, in Austria two granted research projects (BEGEL 2013-2015 and ESB 2015-2018) 
were carried out to investigate selected influence parameters based on comprehensive sound 
measurements of pass-bys of trains in operation. Present paper covers a part of these research activities 
and will focus on the effects of varying weather conditions and of wheel profile changes due to wear.

2. MEASUREMENT DATA
As basis for further evaluations the pass-by noise in a narrow curve with a radius of 230 m of a 

Vienna suburban railway line were recorded over 11 months (20265 trains). The following sections 
describe the setup of acoustic measurements, the properties of the pass-bys of selected train types,
collected wheel profile parameters, and the way of identifying stick-slip squeal and flanging squeal.

2.1 Pass-by measurements
Sound emissions of train pass-bys were measured in 7.5 m from the center line of the track and 

1.2 m above the top of the rail head, accordingly to the position for sound emission measurements of 
train pass-bys described in DIN EN ISO 3095 (7). The used acoustic railway monitoring system 
(acramos®) utilize two adjacent microphones to verify their accurate functioning. The recordings were 
sampled with 50 kHz to be able to analyze the entire audible range up to 20 kHz. Acramos® also 
determine the time of axle pass-bys in the cross section by inductive axle counters. The recorded axle 
patterns enable the system to distinguish automatically between different categories of trains and to 
determine train directions and axle speeds. In addition, meteorology parameters like air and rail 
temperature, air pressure, air humidity, wind speed and wind direction, dew point and rainfall were 
measured. 

In the cross section the superstructure consisted of rails of type S49 mounted on wooden sleepers. 
Because of a cant of approximately 90 mm to 95 mm the balanced speed without any lateral 
acceleration can be estimated at 43 km/h.

For improved interpretation of evaluation results rail roughness and track decay rates were 
measured in the beginning and at the end of the pass-by noise measurements. Both roughness 
measurements show that the roughness of the inner rail almost met the limiting curve for type testing 
according to DIN EN ISO 3095 (7). On the contrary, the roughness of the inner rail exceed this limiting 
curve in the wavelength range from 6.3 cm to 16 cm significantly (in parts more than 15 dB). The track 
decay rates mostly fulfill the limiting curve of the DIN EN ISO 3095 (7). Only the lateral decay rate of 
both rails falls at 1600 Hz under the limiting curve at the initial measurements and the vertical rates of 
the inner rail show at both measurements (slightly) too low values in the frequency range of 500 Hz to 
800 Hz. 

The traffic in the measurement section consists of 82.9 % (17097 trains) of the same suburban train 
type (train type A). Further 15.2 % (3128 trains) of the traffic were of another suburban train type 
(train type B). Thus, for further evaluations train type A will primarily be considered and type B will 
only be added if meaningful. The distribution of mean train speeds in the left diagram of figure 1 
shows that there is an accumulation point between 55 km/h and 60 km/h and that most of the trains 
passes the cross section with speeds substantially above the balanced speed where lateral acceleration

Figure 1 – relative frequencies of mean train speeds (left) and empirical cumulative distribution function
(cdf) of speed differences between last and first axles (right) of suburban trains of type A and B 
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Figure 2 – basic wheel profile parameters used for further evaluation

disappears. An electrically isolated cut point of the catenary in front of the measuring section leads to 
the absence of any traction in the measurement section (cf. low variation of speed differences between 
last and first axle in right diagram of figure 1) even if the power units and the auxiliary systems were 
already powered up in the measurement section.

2.2 Wheel profiles
At each stop for maintenance or inspection of mentioned suburban train types in workshops of 

Austrian Federal Railways the profiles of all wheels were measured. Thus the profile parameters were 
collected for all eleven units of suburban train type A which passed the measurement site and of all 
workshop stops during the whole period of acoustic measurements as well as of the stops right before 
and after this period. This enables linear interpolation of wheel parameters over time and allows 
assigning them to the pass-by noise data sets with the aid of unit schedules.

For detailed analysis only those profile parameter were selected, where a considerable impact was 
presumed (for instance, rim thickness, wheel width, or tread rollover were discarded). Furthermore,
hollow tread was also excluded because of its very rare appearance. The remaining profile parameters 
were illustrated in figure 2. As an additional parameter the maximal diameter differences of wheelsets 
were derived based on wheel diameters.

2.3 Detection of curve squealing
To analyze the large quantity of recorded pass-bys, an algorithm for automatic detection of the 

characteristic sound components, which are generated by flange contact with the rail head (broadband 
flanging noise) or by lateral stick-slip effect (tonal squeal noise), was applied. The empirically 
developed identification bases on interpretation of third octave spectra over time. Examples of 
different noise characteristics of pass-bys of type A suburban trains were given in figure 3: left 
diagram shows a pass-by without any squeal or other disturbing noise, middle diagram shows clearly 
perceptible time-varying flanging noise with increased sound pressure levels (SPL) in the upper third 
octave bands, and right diagram shows an isolated tonal noise component with increased SPLs of the 
neighboring 3.15 kHz and 4 kHz bands as well as slightly increased SPL of the 8 kHz band due to the 
first harmonic. According to these noise characteristics the already well-tested algorithm assesses the 
mean value of the upper third octave bands for the detection of flange squeal and peaks of one or two 
neighboring bands in the medium frequency range for each time sample of the spectra. If the time 
behavior of such anomalies also met requirements concerning their length of time and in case of tonal 

Figure 3 – examples of 3rd octave spectra over time for suburban trains of type A without any squealing (left), 
with flange squealing (middle) and with stick-slip squealing (right)
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components their continuity over time, trains will be classified as broadband conspicuous 
(representative for flange squeal) or tonal (representative for stick-slip squeal) conspicuous.

An initial evaluation of the overall squealing rates in absence of rainfall reveals a tendency to less 
stick-slip squeal (~7-8 %) compared to other suburban or regional train types considered in previous 
investigations, especially in the frequency range lower than 5 kHz. And identified tonal conspicuities 
often (~90 %) occur together with broadband noise, which might be an indication, that these 
components arise from flange rubbing or have at least a causal relationship. Flanging noise rate is on 
similar level (~29 %) compared to the experiences of a former study. Compared to type A, train type B 
show for both noise types somewhat higher rates (tonal ~13 % and broadband ~45 %). 

3. WEATHER CONDITIONS
In order to analyze the influence of various weather conditions, the measured data was separated in 

increments of 10 as shown in figure 4. The different ranges are always shown with their highest 
possible value (10 means data from 0.1 to 10). In figure 4 the number of measured data for each 
weather condition range for the velocity 60 km/h is shown. The colors of the fields should give an easy 
way to evaluate the reliability of a certain weather condition, depending on the number of measured 
trains. It ranges from dark green (>50), light green (50-20), orange (20-10) to red (<10). For the 
evaluation only areas of at least 10 pass-by trains were evaluated. 

For the analyses, the data was evaluated for the occurrence of tonal stick-slip squeal and broadband 
flange squeal. In addition to that, the sound power level was calculated for each single train. This 
calculation was done using a previous developed calculation method (see (8) in German language) 
which is based on the Austrian Standard ÖNORM S5026 (9) but only uses one single measurement 
point in 7.5 m from the rail and in 1.2 m above rail surface. 

In the following the influence of the different weather parameters are discussed in detail for the 
velocity range of 55-65 km/h (highest amount of trains measured, see figure 1).

Figure 4 – Measured trains (suburban train type A and B) for the velocity range 55-65 km/h with different 
weather conditions

3.1 Temperature
The measured data shows that for the suburban train type A the frequency of occurrence of all types 

of curve effects declines with higher temperature (see figure 5). Especially for the broadband effects 
however, a local maxima at the temperature range of 10-20°C is visible. This maximum is highest for 
lower velocities and for the suburban train type B it is also visible when looking at the occurrence of 
tonal effects. Generally the data of the train type B shows a slightly rising tendency with higher 
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Figure 5 – frequency of occurrence and sound power level – rail temperatures suburban train type A (velocity 
range 55-65 km/h) 

temperature. Only the values for the tonal effects in the frequency range 8 kHz and higher shows 
declining frequency occurrences.

When looking at the sound power levels, they show falling levels with rising temperature for both 
vehicle types and for all velocities. When comparing the rail and the air temperature the average values 
differ slightly, however the general effects are comparable to one another.

3.2 Dew point
In order to evaluate the influence of a wet rail respectively lowered friction coefficients, not only 

the occurrence of rain had to be monitored, but also the effect of a humid rail due to a rail temperature 
below the dew point was investigated. The data was separated by the information weather the dew 
point calculated with the air pressure was higher or lower than the measured rail temperature. The 
comparison of the frequency of occurrence of tonal and broadband curve noise in relation to the dew 
point, showed for both train types significant lower probabilities for a pass-by with a rail temperature 
lower than the dew point. This effect is relatively unchanged by different weather conditions.

3.3 Air humidity
When separating the data according to the air humidity the frequency of occurrence shows a peak 

for the percentage of 60 % to 70 % with a lower frequency for higher and lower humidity (see figure 6).

Figure 6 – frequency of occurrence and sound power level – air humidity suburban train type A (velocity 
range 55-65 km/h)
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When only looking at the data in the temperature range below 10°C, the frequency of occurrence is 
rising for lower humidity, leading to an overall effect of declining frequency of occurrence with rising 
humidity.

The sound power levels show a slightly rising slope for the train type A. Only the data in the 
temperature range of 10°C and lower shows the opposite effect. When looking at the train type B the 
sound power levels give relatively constant levels for all weather conditions.

3.4 Rain
When looking at the pass-bys with rainy conditions, the results show the lowest probabilities for the 

frequency occurrence of all three types of curve noise. The effect of rain is highest in the temperature 
range of >0°C to 20°C. The effect of rain is mostly similar to the effect of a rail temperature below the 
dew point and results in a similar effect. When comparing the sound power levels the data with rainy 
conditions slightly lower levels, especially in the temperature range between 0°C and 20°C. 

4. WHEEL WEAR
Due to the higher number of pass-bys and the lower number of different units, only suburban trains 

of type A were considered in subsequence statistical analysis of effects of wheel wear. Initially, for 
each of the eleven train units time plots of squeal rates and of wheel profile parameters, both including 
times of the workshop visits, were made in order to get a rough overview of time behavior and 
variations between different units over time.

4.1 Regression analysis
As a consequence of overlaid sound emissions of nearby axles at the measuring point in a distance 

of 7.5 m, a reliable assignment of acoustic properties of the measured signal to axles is not possible. 
The time plots of wheel profile parameters (except parameters based on wheel diameter) usually show 
similar behavior with moderate spread of all wheels of a train unit: reprofiling sets these parameters to 
initial values and afterwards the profile (and its parameters) wear in a reasonably comparable way. 
Thus, within the statistical analysis, primarily mean values but also minimum and maximum values of 
wheel profile parameters were used as independent variables and the identified squeal (flange or 
stick-slip) were used as dependent variables. Due to the binarity of the dependent variable logistic 
regression was applied to evaluate dependencies. In face of the absence of the coefficient of 
determination in logistic regression analysis, which represents the proportion of variance, three 
commonly used pseudo- (McFadden, Cox and Snell and Nagelkerke) were calculated to quantify 
differences in the goodness of fit between regression results.

As already discussed in chapter 3 weather conditions can influence squeal occurrence. The 
variation of these dependencies is exemplarily illustrated in figure 7 for the difference rail-dew point

Figure 7 – dependences of squeal on difference rail-dew point between rail temperature and dew point (left
diagrams) and on humidity (right diagrams) while cold (Nov. 10th, 2016 – Jan. 10th, 2017, 2673 pass-bys 

of suburban train type A, upper diagrams) and warm (March 10th – Sept. 9th, 2016 with 6762 pass-bys of 
suburban train type A, lower diagrams) periods without rainfall estimated by logistic regression and related 
histograms of pass-bys with (upper histograms) and without (lower histograms) detection of squeal noise
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between rail temperature and dew point and for air humidity : while there seems to be a reasonable 
dependency during the cold (wet) period, the influence is clearly reduced in the warmer period. Even 
if it can be assumed, that weather and wheel conditions are uncorrelated, for improving the sensitivity 
of regressions results to the examined effect, subsequent analysis of the influence of wheel wear was 
generally restricted to the period from March 10th to Sept. 9th, 2016 and to difference rail-dew point K. 
In addition periods with detected rainfall were ignored, too.

4.2 Results
The pseudo- indicators of the regressions with wheel profile parameters were generally 

relatively low, which might be explained by the (necessarily) applied train based approach with 
aggregated wheel parameters over whole trains. The results of the regressions with all train units of 
type A are shown in figure 8. Thereby, squeal noise show a low to moderate dependency on the four 
profile parameters related to the wheel flange and on the diameter difference within the wheelset. The 
former relation can be interpreted as a decrease of the squeal probability with ongoing wheel wear 
where the flange contact points (cf. figure 2) move to wheel exteriors and to lower diameters. This 
trend of highest squeal frequencies at initial parameter values after reprofiling was also observed in the 
time plots of squeal occurrences. On the contrary, the later dependency with highest predicted squeal 
probability when diameter differences within the wheelsets tend towards zero was unexpected and 
seems not to be justifiable by physical relations of the wheel-rail contact. Thus this dependency may be 
the consequence of a correlation between flange parameters and the diameter difference (all these 
parameters increase with ongoing wear). 

The described dependencies appear also if maximum or minimum instead of average parameters 
were considered (minimum parameters in parts with reduced pseudo- indicators). Moreover, the 
regressions calculated separately for each train unit provide similar trends for ten of the eleven units, 
whereas the eleventh unit evinces rather independency. And also the regressions after a division of the 
pass-bys in classes of constant speed or constant humidity emphasize observed trends. On the other
hand, the observed dependencies completely disappear between the last months of measurements 
(September to January) which indicates that the effect of changing weather conditions clearly

Figure 8 – dependences of squeal on different mean wheel parameters of measurements from March 
10th to Sept. 9th, 2016, with differences rail-dew point K, and without rainfall (4281 suburban trains of type 
A) estimated by logistic regression and related histograms of pass-bys with (upper histograms) and without 

(lower histograms) detection of squeal noise
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outweighs the effect of wheel wear under cold and/or moist conditions even under the mentioned 
restrictions ( rail-dew point K and no rainfall).

Despite of all these indications for a (weak) dependency in the absence of weather influences it has 
to be noted, that neither the concrete physical cause for a diminished squeal probability of worn wheels 
on suburban trains of type A nor the question accounting the generalization of these findings can be 
clarified sufficiently without further investigations (e.g. axle based and/or including rail profile wear).
But on the other hand these findings indicate that at least under certain circumstances wheel profile 
wear have an impact on curve squeal. 

5. CONCLUSIONS
The work presented analyses sound emissions in a narrow curve of a high number of trains in 

operation with the aim to investigate dependencies of curve squeal on weather conditions and on
ongoing wheel wear. 

The occurrence of tonal and broadband conspicuous is notably lower at rainy conditions and with 
rail temperatures below the dew point. Humidity in general shows the highest values at the range of 
60 % to 80 %. With rising rail temperatures the occurrences for both types are declining with nearly no 
occurrences above rail temperatures of 30°C. The sound power level is slightly lower for higher 
rail-temperatures while showing a slight rise with higher humidity. For temperatures below 10°C, the 
sound power level shows significant higher sound power levels in the low air humidity range.

Regarding the wear of wheels, a weak dependency was observed. Accordingly, new or reprofiled 
wheels with initial geometric shape seem to excite more squeal as worn wheels do. But the underlying 
mechanism and thus the question of a generalization for other train types and/or other conditions could 
not be studied without further measurements with extended setup (e.g. microphones near the rails), 
which enables a more in-depth analysis like axle based evaluations and/or assessment of the contact 
geometry based on rail and wheel profiles.
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Another Halving of Rail Freight Traffic Noise by Wheel Absorber 
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Bochumer Verein Verkehrstechnik GmbH, Germany 

 

ABSTRACT 
By 2020 the freight traffic noise in Germany and Switzerland should be halved by changing cast iron brake 
blocks wheels to composite brake blocks. This means, by this time levels of 93 dB(A) should become 
83 dB(A), which is the limit defined in the TSI Noise. A further reduction by half would lead to 73 dB(A), 
which is a part of the SBB Cargo vision for its future fleet.  
The fact that this reduction is possible is shown by first results of the SBB Cargo’s 5L project, where large 
number of suppliers helped to build a train with 16 freight wagons with a series of different noise-reducing 
measures (e.g. disc brakes instead of block brakes) and is currently being tested in regular traffic. Since the 
wheel is still the predominant source of sound emission in railway traffic, the biggest impact is reducing the 
wheel noise. With BVV wheel absorbers sound levels of 73 to 75 dB(A) could be achieved. 
 
Keywords: Rail Traffic, Wheel Absorber, Reduction, Damped Wheel, 5L 

1. INTRODUCTION 
Wheel absorbers not only reduce the noise emissions in high-speed traffic, they also greatly reduce 

noise emissions in freight traffic (1). 
Even if freight wagons do not fulfill the conditions of TSI Noise (2) and may no longer be used in 

Germany and Switzerland after 2020, there remains a demand for a further reduction of emissions. For 
example, SBB Cargo's vision is to use vehicles with emission levels of less than 73 dB as of 2021 (3). 
This 10 dB reduction to the 83 dB TSI level would decrease the noise by half. With the use of 
block-braked freight wagons, such a goal can hardly be achieved even with the conversion of these 
vehicles to K or LL brake blocks. On the other hand, the acoustically unfavorable wheel contours of 
block-braked wheels and the difficult mounting options for wheel sound absorbers speak in favor of 
the use of disc-braked and absorber-damped wheels. Application of disc brakes instead of block brakes 
can also benefit lifetime costs. As a result, AAE AG increased its usage of vehicles with disc brakes to 
reduce operating costs compared to vehicles braked with K- or LL blocks (4). 

The wheels of disc-braked wheelsets can be dampened in freight traffic in a similar way as in 
passenger traffic. Therefore, four of sixteen vehicles of the demonstrator train of the 5L project 
initiated by SBB Cargo, were equipped with absorber dampened wheels from BVV (5, 6). 

2. WHEEL 
The wheel used is a solid freight wagon wheel with a straight web and radial wheel absorbers bolted 

under the running gear wheel tread. The wheel shape follows the design principles of stress balanced 
wheels used in high speed traffic (e.g., ICE). This leads to lower stress levels in the wheel and has also 
proven to be acoustically favorable. The higher load requirements compared to an ICE wheel require a 
little different dimensions and a higher mass. 

The radial wheel absorbers are comparable to absorbers used in high speed traffic or the wheel 
absorbers used for Wuppertal Suspension Railway. Special hammerhead screws attached in a dovetail 
groove under the wheel rim connect the absorbers to the wheel. 

 
The design and production of wheels is carried out according to the current standards (EN 13979-1, 

EN 13262). The wheel material is “Exzellent”, a material development of BVV in terms of improved 
tread properties and increased mileage compared to the standard material ER8. This material is also 
included in the current revision of EN 13262 under the material designation ERS8 with the description 
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that it is intended for non-clogged solid wheels and provides increased resistance to rolling contact 
fatigue. 

 

 
Figure 1 – This is a BVV-wheelset with wheel absorber in a vehicle of the 5L project  

 
 
 

2.1 Wheel Absorber 
Radial wheel absorbers are state of the art in passenger transport and have been used for many years 

in high-speed traffic (7). They are not only used for ICE vehicles in Germany, but also for vehicles in 
Spain (AVE) and in China. 

 

 

Figure 2 – This is a wheel absorber for radial damping  
 
 
The absorbers are mounted below the wheel rim with special hammerhead screws in a dovetail 

groove. The geometry is designed to attenuate radial vibration modes which dominate the running 
noise. However, there is also a significant damping of axial vibration modes, such that good results can 
be expected even while running through switches and curves. 

The absorbers have a sandwich structure comprising steel and elastomeric material. Absorbers 
designed specifically for the shape and the natural frequencies of the associated wheel type. The 
natural vibration of the wheel is transferred to the absorber, which absorbs the vibration energy. 

The absorbers can be used without any problems in a temperature range of (minus) -50 °C to 
+ 200 °C. There is a fire protection certificate according to EN45545-2: 2013-08. Requirement set R9 
is met for the highest hazard level HL3. 
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2.2 Damping / Measurement of the Transfer Function  
 
The damping can be shown by measuring the transfer function. The wheel is excited to vibrate and 

the resulting vibration acceleration is measured. The ratio of vibration acceleration to excitation force 
is shown frequency-dependent. Therefore a logarithmic dB scale is selected. 

 By measuring excitation and acceleration on the wheel tread, one can depict the radial vibration 
modes that dominate the rolling noise when driving straight ahead. If axial excitation and oscillation 
are measured on the wheel face, the behaviour of axial modes of vibration can be observed. Axial 
modes dominate curve squeal sound. 

The absorber effect is shown by comparing the measurement on the undamped wheel and the 
absorber damped wheel. The wheel was suspended at the axle. The wheel was stimulated on the tread  
(radial) or on the front side (axial) with an impact hammer.  

 
Figure 3 – Wheel with absorber, (Photo H. Neumann, IFS, RWTH Aachen) 

 
 
The vibration modes can be recognized as oscillation maxima in the transfer functions. The 

frequency of the two-knot radial mode of vibration (R2 mode) dominating the wheel’s running noise is 
1560 Hz, the frequency of the R3 mode is 2325 Hz. 

The heights or width of the peaks provide a measure of the damping. The reduction of these peak 
levels indicates the absorber effect. The measurement of the transfer function is therefore also an 
important step in the development of absorbers for a given wheel. 

The axial and radial transfer functions of the damped and undamped wheels are shown in Figure 4. 
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Axial excitation, wheel without absorber Axial excitation, wheel with absorber 

 

 

Radial excitation, wheel without absorber Radial excitation, wheel with absorber 
 

Figure 4 – Transfer functions of the BVV-5L wheel measured with impact hammer and acceleration sensor. 
 
It can be seen that both with axial excitation and with radial excitation, the vibration modes of the 

wheel equipped with absorbers are significantly attenuated. 

2.3 Acoustic Measurements 
As a part of the 5L project, acoustic measurements were carried out while driving straight ahead 

and in curves. These were carried out in accordance with EN ISO 3095:2013 at three speed levels. 
The acoustic level measurements were carried out at three locations in Switzerland. The 

pass-by-distance measurement was performed at a straight track in Kerzers, a measurement curve with 
radius 490 m is located in Willisau, and a curve with radius 290 m in Menznau (5, 6). 

The train was assembled with 16 vehicles. Each vehicle is equipped with different components 
from various manufacturers (bogie, wheelset, brake, pads, coupling). Four vehicles are equipped with 
wheelsets from BVV (car IDs 3, 4, 8 and 10). As a reference, the SBB vehicles are equipped with Y25 
bogies, wheelsets SBB Db10SA, KS Klotz brakes with JU 816M brake pads and clutches from 
Faiveley. Table 1 shows the components of the four vehicles in which BVV wheelsets were installed. 

 
Table 1 – components of the vehicles with wheelsets 

ID Vehicle no.# Bogie Brake Brake Pads clutches 

3 003-8 ELH DAKO-CZ BE_SP 140FF Voith 

10 010-3 Greenbrier Knorr-Br. JU707-11 Faiveley 

8 008-7 WBN Faiveley SWG36 Faiveley 

4 004-6 Tatr. poprad Knorr-Br. JU707-11 Faiveley 
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The acoustic levels are always determined for a transition between two vehicles from vehicle center 
to vehicle center. Since different combinations of components have been installed in different vehicles, 
there is no vehicle pair and thus no transition, which have only the same components. Only transitions 
with only one type of wheels are considered. 
 

2.4 Pass by measurement on straight track 
The levels measured on the straight track can be found in Table 2. The two transitions ID 10/8 and 

ID 8/4 have only BVV wheelsets. The reference are that Y25 bogies of the SBB vehicles 15 and 16, the 
vehicles at which no flat spots occurred during the test drives. 

 
 

Table 2 – Pass By Levels LpA in dB, (*) influenced by flats, Y25 wheelsets 15/16 as reference 

M#, no. of 

measurement 

Driving 

direction 
v 

km/h 
LpA (dB)  

ID 10/8  
LpA (dB)  

ID 8/4 
LpA (dB) 

ID 15/16 
M05 2 76.4 74.5  73.9  79.2  
M07 2 76.9 74.5  74.7*  77.6  
M09 2 77.3 74.6 74.8* 77.6 
M04 2 96.3 74.1 73.3 79.3 
M11 2 98.0 74.0 74.2* 77.0 
M08 1 98.1 74.2 74.4* 80.5 
M13 2 98.6 74.0 74.1* 77.9 
M02 2 99.9 74.4 73.5 80.3 
M01 2 10.,5 74.0 73.0 80.8 
M06 1 118.0 74.1 74.4* 81.0 
M12 1 118.7 74.2 74.6* 82.2 
M10 1 120.3 74.1 74.9* 82.0 
M03 1 120.9 74.1 73.7 81.9  

 
 
The levels have been converted to a speed of 80 km/h for comparability. A correction to apl/vehicle 

length was not done in this compilation (6), since all vehicles are of the same type and length and this 
is not necessary for a comparison of the level values with each other. From the M06 drive, emergency 
stops have caused flaps in the area of the DG 4/7 transition, which also led to faults in the DG 8/4 
interval. In these cases, at the DG 8/4 transition greater LpA levels than 74 dB have been determined 
(*), while for the first rides, approximately 1 dB lower levels - all below 74.0 dB - have been 
determined. 

The average levels of the three speed levels are shown in the following table:  
 

Table 3 – Pass By Levels LpA in dB, without apl correction 

Levels, Levels of ID8/4 include influence of flats  

v 

km/h 
LpA (dB)  

ID 10/8  
LpA (dB) 

ID 8/4 
LpA (dB) 

ID 15/16 
80 74.5  74.5  78.1  
100 74.1  73.8  79.3  
120 74.1  74.4  81.8  
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In the TSI Noise (2), acoustic levels for freight wagons are now related to a reference APL value of 

0.225 m-1. The previously applicable scale is no longer be used. According to TSI NOI 2014, the 
measured level is changed by the correction term -10 log (APL_Wagon/APL_Ref). 

The wagons used in the 5L project have a length of 20.05 m. This corresponds to an APL of 
0.1995 m-1. For comparison with TSI levels, therefore, a correction term of +0.52 dB must be added. 
Values to be used for assessing conformity are then: 

 
 

Table 4 – Pass By Levels LpA in dB, APL corrected,  

Levels of ID8/4 include flat influence 

v 

km/h 
LpA (dB)  

ID 10/8  
LpA (dB) 

ID 8/4 
LpA (dB) 

ID 15/16 
80 75.0  75.0  78.6  
100 74.6  74.3  79.8  
120 74.6  74.9  82.3  

 
The levels of BVV-wheeled vehicle transitions are rounded up to TSI levels of 75 dB. Looking at 

the transition ID 4/8 and ignoring rides with the influence of flats of the adjacent transition, gives a 
value of 74 dB, which would however be based on very few measurements. 

 

3. Comparison with TSI Acceptance Measurements 
To classify the determined level, it is compared with levels of other freight vehicles. This is based 

on a report commissioned by the German Federal Environmental Agency (UBA) and written by 
MBBM, in which the noise emission from rail vehicles was recorded and compiled during TSI 
noise-related certification during a survey (8). 

Figure 5 shows a representation of all registration levels of freight wagons from this report, in 
which the 5L levels have been added, extending the field of measured points downwards. 

 

 
Figure 5 – Overview of TSI levels from the UBA report (8) supplemented by one point for the level of the 5L 

project (75 dB / APL 0.2). 
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This shows that it is possible to reduce the passing levels of freight wagons well below the TSI 
values. It makes sense to encourage the use of such low-emission technologies with a noise-related 
train path pricing system, in which particularly quiet cars have to pay significantly less (9). 

4. CONCLUSIONS 
In SBB Cargo’s 5L project, an innovative freight train was put together. Wheelsets from Bochumer 

Verein Verkehrstechnik GmbH were used in four wagons, which are equipped with absorber-damped 
wheels. The lowest pass-by levels LpA were measured from 73 dB to 75 dB at the vehicle interchanges 
with BVV wheelsets corresponding to TSI levels of 74 dB to 75 dB. The results show, that a further 
reduction of freight traffic by half, from 83 dB to 73 dB, is possible, when using disc-braked and 
absorber-damped wheelsets. 
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ABSTRACT 
The sound sources of innovative freight cars were investigated during pass-by measurements with a 
microphone array on a reference test track. The array consists of 112 microphones allocated in three interlaced 
helices. Delay & sum beamforming was implemented to provide an acoustic movie of the moving sources 
for the octaves 250 Hz … 8 kHz. The individual frames of the acoustic source maps were transformed to 
moving train coordinates and averaged to provide a static map of the sources moving with the train. The 
dominating sources are located within the bogie area, especially at the wheels. The effects of acoustic 
shielding and shrouds are demonstrated. From the source distribution, the sound pressure level during pass-
by can be synthesized at specific microphone positions, e.g. at the standard position 7.5/1.2 m. 
 
Keywords: Microphone Array, Source Identification 

1. INTRODUCTION 
Within the scope of an investigation of the noise reduction potential of innovative freight cars (1) 

the noise sources were characterized using a microphone array. The train consisting of a locomotive, 
a passenger coach for instrumentation, and two identical freight cars were operated on a test track. 
Several configurations of the test cars were investigated. The train passed at velocities of 80, 100 & 
120 km/h in front of the array. The transit exposure level was measured  with individual microphones 
according to EN ISO 3095 (2). The array measurements were used for additional details concerning 
the noise source distribution and transmission path.  

With the highly transient passage of the train and limited spatial resolution of the array, the setup 
of the measurement and the method of signal processing must be configured carefully in order to 
achieve optimal results. 

 

2. MEASUREMENT SETUP 

2.1 Array System 
A Bionic-L Array from CAE Systems was used, with 112 microphones, two trigger channels, and 

a sampling rate of 48 kHz. The microphones were arranged in spirals (helices) and an overall diameter 
of 1.7 m. Figure 1 shows the arrangement. In addition to the optical camera of the array system, a 2nd 
high resolution / high speed camera was used for improved optical images. The distance from the 
center of the track was 4 m. Two photo-electric triggers were installed at the rail to determine train 
position and velocity. The signals were recorded during pass-by for subsequent analysis. 

                                                        
1 hansrudolf.graf@prose.one 
2 christian.czolbe@prose.one 
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Figure 1 – Microphone array setup next to freight car 

3. SIGNAL PROCESSING 

3.1 Beamforming 
The standard delay & sum algorithm of CAE was used for beamforming. Since the noise coming 

from the rail, wheels and bogies are dominant, the focal plane was set at the distance of 3.2 m, which 
is approximately the outer surface of the wheels.  

In array signal processing, even ideal point sources do not appear as a single point but due to 
diffraction as a somewhat blurred image, characterized by the beam width, which is a function of 
wavelength, microphone arrangement, and the algorithm.  

The resolution of the focus grid points was set to 1% of the focal distance, i.e. 0.032 m. This was 
set constant for all octaves. The region of interest for the horizontal direction was set to ±1.5× the 
focal distance. The beam width is accounted for, assuming a distribution of idealized uncorrelated 
point sources in the focal plane. The source distribution is normalized as “source intensity” with units 
W/m², i.e. the sound power radiated per unit area of the radiating surface; in the case of train noise, 
the source intensity can be interpreted as the acoustic power per unit area radiated to one side of the 
vehicle. In principle, this source intensity is independent of the distance between the sources and the 
array, beam width, and spatial resolution.  

3.2 Acoustic Movie 
Since the train with the noise sources is passing in front of the array, the analysis is performed in 

short time segments resulting in individual frames of an acoustic movie. A typical still frame of the 
acoustic movie is shown in Figure 2.  

 
Figure 2 – Example of instantaneous source distribution superimposed on the optical image of a bogie.  
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In order to avoid excessive blurring, the distance of train travel during a single movie frame should 
be less than the width of the beam. Note that the beam width is approximately proportional to the 
acoustic wavelength. The duration of each time segment was defined as 0.018 s. i.e. at a train velocity 
of 80 km/h the train travels 0.4 m. For adequate accuracy of the sound level, the duration of averaging 
must be sufficient, i.e. for accuracy of 3 dB with confidence level of 95% the Bandwidth-Time product 
(BT-Product) must be >12, see Kleiner (3). This requirement is satisfied at the 1 kHz octave with 
bandwidth 707 Hz. However, for octaves below 1 kHz averaging time is not sufficient and therefore, 
level accuracy is affected. In the movies travelling blobs of acoustic sources are discernible as in 
Figure 2. However, they do not match well with actual sources at the wheels. Due to insufficient 
averaging (BT-product), the result is rather “noisy”.  

Before and after the train transit, radiation of the rails is expected to be the dominant source. 
Structure borne sound is transmitted by bending waves along the rails. These radiate airborne sound 
at a characteristic angle (Figure 3). According to (4) this angle is 15° at 1 kHz. This effect can be seen 
in Figure 4. Here the angle is 20°. At 500 Hz the measured angle is 30°; at 4 kHz it is 10°. 

 
Figure 3 – Coincidence effect: bending waves in the rail with wavelength rail radiate acoustic waves in air 

at a characteristic angle  
 

   
Train approaching from the right         Direction of travel                    Train leaving to the left 

Figure 4 – Radiation pattern of rail before and after train passing. 1 kHz octave. The radiation angle is 20° 
 

3.3 Averaging 
Averaging of the source distribution during the passage of the train in front of the array can 

substantially increase the accuracy of the source map. Movie frames based on the fixed coordinate 
system are mapped to a coordinate system which moves with the train. The part ly overlapping frames 
are then averaged. To avoid artefacts at the edges of individual frames the source distributions of the 
individual frames are weighted along the horizontal direction before averaging, similar to a hanning 
window. Effectively, the averaging time is increased from a single movie frame of 0.018 s duration to 
the passage of the source across the field of “view”, i.e. 0.2 s at 80 km/h. By this averaging process 
the acoustic movie consisting of many individual frames showing a small section of the train  are 
converted to a single picture of averaged source distribution of the complete train. The frames of the 
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optical movie are assembled with the same averaging process to obtain an image of the complete train.  
Figure 6 shows a typical example of averaged source distribution. Typically, in presentations of array 
results, only a very limited range of 3 … 10 dB of sound levels is displayed, which nicely shows the 
dominant source. Weaker sources are below the displayed range are not shown. Note that in Figure 6 
an extended range of sound levels is displayed, covering more than 50 dB in order to reveal also 
weaker sources. As a disadvantage of this extended range, artefacts of beamforming sidelobes appear 
in the octave bands 4 & 8 kHz.  

Multiple pass-by measurements with identical parameters could be averaged in order to further 
increase total averaging time. Spatial resolution however is limited by diffraction effects  and cannot 
be improved by averaging. Finer resolution could be achieved by optimized beamforming or 
deconvolution techniques (5). 

3.4 Sound power of individual components 
In order to evaluate the sound power emitted by components such as rail, wheels or complete 

bogies, the source intensity of such areas of interest can be integrated over defined rectangles. Figure 6 
shows small boxes around each wheel, with numbers 1 … 10 in the upper left corner. The 
corresponding sound power level of these boxes are listed at the top of each diagram.  These values of 
sound power level can easily be compared for different test configurations. 

In a similar manner, the sound pressure level due to a selected range of sources can  be computed 
at a specified microphone position, e.g. at 7.5/1.2 m (see Figure 9 for illustration). 

4. Results 
In Figure 6 the train runs from right to left. On the left, the 2nd bogie of a passenger coach is 

displayed, followed by two freight cars for carrying ISO-containers. The top diagram shows the 
optical image of the train; below are the acoustic noise maps in the octave bands 8 kHz down to 
250 Hz. For high frequencies, the resolution is quite good. Individual wheels can be discriminated 
down to approx. 1 kHz. At lower frequencies the resolution is diminished and at 250 Hz hardly any 
details can be recognized. The dominant sources are at and below the wheels. The wheels of the freight 
cars are partly covered by the railcar body which acts as a partial noise shield. This can best be 
observed in octaves 2 kHz & 4 kHz. The wheels of the passenger coach are not covered, and the noise 
sources extend over the complete wheels. Additional noise sources are apparent  at the rail sections 
between the bogies; the level of the rail noise decreases with distance from the wheels. The acoustic 
resolution is not so detailed as to discriminate between the wheels and the rail section directly under 
the wheels. 

Figures 5 & 7 depict an investigation of the effect of bogie shrouds covering parts of the wheels. 
In octaves 2 kHz & 4 kHz the shielding effect of the shrouds can clearly be recognized, in comparison 
to the bogies without shrouds. Some noise is radiated upwards and reflected by the cylindrical surface 
of the tank. This reflected noise can be recognized as mirror sources at the tank, directly above the 
wheels. 

 

  
Figure 5 – Standard bogie and modification with acoustic shroud 

 
Figures 8 depicts an example of one defective wheel. Two freight cars for transporting automobiles 

are measured. Wheel number 6 is exceptionally loud in the octaves 250 Hz … 2 kHz. 
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In Figure 9 the source intensity of a train with two automobile carriers  (with good wheels) is used 
to predict the resulting sound pressure at the standard microphone position 7.5/1.2 m. The prediction 
is compared with the sound pressure measured at the same position.  The contributions of the individual 
wheels (sources inside each of the numbered boxes as in Figure 8) are shown as dashed lines. 

 

 
 

Figure 9– Comparison of sound pressure level measured at 7.5/1.2m with computed sound pressure at this 
point based on source distribution. 2 kHz octave  

 
The SPL measured by the microphone (time constant “Fast”) appears somewhat stochastic due to 

random noise and the single measurement position. The computed SPL is based on a fixed source 
distribution which passes by in front of the microphone position, therefore, it appears much smoother.   

5. CONCLUSIONS 
In an acoustic movie of the travelling train the available averaging time is very short, which results 

in substantial uncertainty of the resulting source distribution. With additional averaging of the source 
distribution in the frame of reference moving with the train, the accuracy can be substantially 
improved. Compared to standard pass-by noise measurements according to EN ISO 3095, the maps of 
the noise sources achievable with an array system provides much more details. Such details are 
particularly helpful to assess the effect of innovative noise reduction measures. For freight vehicles 
travelling between 80 and 120 km/h the array measuring distance of 4m from the center of the track 
leads to optimal results regarding sound level and source separation accuracy. This may not be the 
case for array investigations on railways traveling with over 120 km/h due to bow waves and 
slipstream.  
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Rail roughness surveys – a tool for effective environmental noise 

control 

Lisette MORTENSEN1; Stig JUNGE2 

1 Banedanmark, Denmark 

2 Sweco Danmark A/S, Denmark 

ABSTRACT 

A mobile method developed by Sweco to estimate levels of rail roughness on a large scale is presented. The 

method is suitable for countrywide surveys and the data has proved to be very useful in the planning of track 

maintenance both in terms of environmental noise and rail quality. Roughness measurements were carried 

out twice on the Danish railway network in a two-year period, and all roughness data from these campaigns 

was been stored in Banedanmark’s track measurement database. Banedanmark has developed a tool to rank 

track sections according to rail quality and population density in residential areas to most effectively reduce 

the amount of environmental noise from the track and to document the effect of noise reduction measures. 

The measurement method uses measurement of noise from the contact point between wheel and rail to derive 

an estimate of the rail roughness level and is based on the transfer function from rail roughness to acoustical 

noise. The method has been tested at measurement train speeds from 60 - 120 km/h and shows a high degree 

of reproducibility. Banedanmark has given these measurements a significant role in planning the large-scale 

maintenance operations of grinding and milling. 

 

Keywords: Rail roughness, Environmental noise strategy 

1. INTRODUCTION 

Rail and wheel roughness is the main cause of rolling noise from passing trains. Infrastructure 

owners therefore have an interest in regular monitoring of the rail roughness. Methods for direct 

measurement of the rail roughness have been standardized (1,2) but they require direct contact with 

the rail head surface and only allow for measurement of very short rail sections. They are therefore 

not useful for overall surveys of the rail roughness on a complete railway network. 

Indirect, i.e., contactless, measurement of rail roughness allows for measurement of longer track 

sections and has to some extent been performed on railway networks through the last years. Sweco 

has developed a method for contactless measurement using surface microphones mounted on a plate 

fixture. Two country-wide measurement campaigns have been done, one in May 2017 and the other 

in September 2018. 

The results from these measurement campaigns are made available to staff responsible for handling 

noise complaints and the data is used to check if there are excessive roughness levels in the rail or 

local defects that may cause excessive noise – thus facilitating a clear and qualified response to the 

complainants. 

Also, a tool for prioritization of noise reducing measures like grinding or milling has been 

developed which is based on the roughness measurements and which combine these measurements 

with information on population density along the railway. 

2. METHOD OF MEASUREMENT 

The contactless method uses surface microphones to measure the noise from the wheel/rail contact 

point. Using the transfer function from rail roughness to noise while taking the travelling speed into 

account an estimate of the rail roughness can be found. 

 

                                                        
1 limo@bane.dk 
2 stig.junge@sweco.dk 
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Basically, the transfer function from roughness to noise, LH,r (f), is subtracted from the noise 

spectrum, Lp (f) and then transferred from the frequency domain to the wavelength domain using the 

relation between roughness wavelength, noise frequency and train speed (2) 

 

����� = ����� − �	,���� (1) 

����� = �����, ��� (2) 

Figure 1 shows the microphone fixture fitted with two G.R.A.S. surface microphones with turbulence grid. 

 

Figure 1 – microphone fixture mounted with two surface microphones 

 

Until now, two country-wide surveys have been carried out. The first was in May 2017 using a 

pocket car type Sggmrss with disc brakes. Due to problems with car rental the second campaign in 

September 2018 used an old car based on the Bpmz wagon type. 

Before measurement, the cars had to be calibrated, i.e., the transfer function from rail roughness 

had to be found per 3rd-octave. The transfer functions were measured on both rails in three cross 

sections of the track and at three speeds covering the range from 60 to 120 km/h. The transfer functions 

were derived from simultaneous measurement of noise on the test wagon and of combined roughness 

from the wheel and track in the cross sections. All transfer functions were averaged resulting in the 

transfer function used in the subsequent roughness survey measurements. Figure 2 shows the average 

transfer function. 

Output from the method is the average contact point filtered rail surface roughness level on the 

line that the measurement car’s wheels follows on the rail. The noise from all irregularities in the 

track that are not rail roughness (switches, isolated joints, local defects etc.) are also interpreted as 

rail roughness and should rather be called equivalent rail roughness. On track sections where the 

transfer function is unknown (in tunnels, along platforms, on bridges) the measured roughness will 

not be correct but can in many cases point to some important track features that needs further 

investigation. 
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Figure 2 – Average transfer function for car type Bpmz 

 

Data sets are output per 1 meter track with each data set consisting of an average 3rd-octave 

roughness spectrum and a single value indicator, LλCA,v (3) that relates to the environmental noise 

impact. 

The reproducibility of the method is quite good. Figure 3 shows measured levels of LλCA,v at three 

different speeds, 60, 90 and 120 km/h. The originally measured noise levels prior to conversion to rail 

roughness is shown in Figure 4. 

 

 

Figure 3 – LλCA,120 measured at three different speeds 
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Figure 4 – Original noise levels, LAEQ measured at three different speeds 

Subsequent measurements have shown that the method yields valid data down to a travelling speed 

of 40 km/h thus making it possible to measure at stations where the population density typically is 

high. 

3. NOISE COMPLAINTS HANDLING 

Banedanmark regularly receives noise complaints from people living close to the railway. Until 

recently the staff responsible for handling these complaints had no detailed information about the 

track condition in terms of noise. 

The roughness measurements have changed this since all roughness measurements have been made 

available to the staff responsible for answering the complainants. They now have a tool for assessing 

the track condition in general, and specifically if there are any track elements that cause excessive 

noise, and this enables them to give much more precise and qualified answers to complainants. An 

example of data presentation in GIS is shown in Figure 5. The roughness levels are colour coded with 

high levels shown in red or even pink. In this case high levels are seen at the switch in the upper part 

of the figure, at isolated joints in the middle and at the level crossing in the lower part.  

 

 

Figure 5 – Presentation of roughness levels in GIS 
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4. PRIORITAZION TOOL FOR ENVIRONMENTAL NOISE REDUCTION 

Banedanmark has developed a GIS-based tool for prioritization and documentation of noise 

reducing measures along the railway lines based on rail roughness data. This tool helps Banedanmark 

to prioritize noise reducing activities like grinding and milling from a more socio-economic point of 

view and to document the environmental effect. General maintenance of tracks will naturally yield a 

reduction in noise levels along the railway, but the funds for maintenance and environmental issues 

are prioritized differently, and maintenance does not necessarily take place in densely populated areas. 

4.1 Background 

In the period from 1986-2014 Banedanmark ran a noise abatement program, where all dwellings 

in Denmark with a façade noise impact higher than the specified noise limit have been protected with 

either noise insulation or/and noise screens. This strategy covered both noise from the track as well 

as from the railway operators. In 2015, Banedanmark changed this strategy and decided to focus on 

the noise from the track and wherever possible to reduce the noise at the source and not at the receivers. 

The aim was to lower the cost for noise reduction and thereby to be able to lower the noise for a lot 

more people but with the same economical costs. By setting higher standards for the infrastructure in 

terms of more smooth rails with less surface defects Banedanmark as the infrastructure manager has 

set a standard for the different operators which encourages them to strengthen their cooperation on 

this issue and this is expected to lead towards preventive maintenance replacing remedial measures. 

Some of the initiatives that have been taken have been the sharing of data from Banedanmark's 

different axle load stations around Denmark aimed at making the operators improve the quality of 

their wheels and the development of a management system that forces the different operators to run 

with a higher wheel and load standard than before. Another initiative is the use of roughness data for 

prioritization and documentation of noise reducing measures. 

 

4.2 Parameters for optimization 

The prioritization tool is based on several track parameters that have a profound influence on the 

noise level and on the population density along the railway. By establishing a model for the weighting 

of these parameters, all lines and track sections can be prioritized in relation to each other with the 

aim that in the case of repair/maintenance the most socio-economic noise reduction can be obtained 

in the most densely populated areas. 

To assess the maintenance condition on the individual line it is necessary to know the "roughness 

level"/track quality of the average "normal situation" - where maintenance is not needed. By 

comparing the measured levels on the individual lines with the “normal situation” lines with a high 

roughness level can be identified. In combination with knowledge of the characteristics of the 

infrastructure (e.g. placing of welds, insulation joints, switches, etc.) and the cost of remediation a 

reduction in noise emission relative to the repair cost can be calculated. 

The following parameters must be uncovered: 

 

1. The roughness level for the "normal situation" in general and for selected track elements 

as isolated joints, switches, etc., where there will be differences as to what an acceptable 

level is. 

2. The equivalent roughness level of the individual track elements – switches, crossings, 

isolated joints - that will trigger maintenance, i.e., the criterion level for triggering need of 

maintenance. 

3. The effect of the various maintenance methods measured as a reduction in roughness level. 

 

Staticical analyses of all results from the first campaign in 2017 showed that the average roughness 

level in terms of LλCA,line speed is 11.9 dB. This covers a great variation of levels – some of them up to 

about 30 dB. Equivalent roughness levels for track components vary somewhat more with levels up 

to as high as 45 dB in single cases. 

The effect of grinding and milling has been estimated for at 100-kilometer line by comparing 

roughness levels from the 2017 and 2018 campaign on sections where one of these activities had been 

performed. This analysis should be extended to more lines, but the first results are shown in figure 6. 
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Figure 6 – Effect of grinding and milling 

 

Grinding and milling is typically done on track sections of a certain length and an important thing to 

consider when planning maintenance is therefore to decide on the minimum section length that makes 

sense from an economical point of view. As a starting point, Banedanmark has therefore chosen to 

aggregate data at every 100 meters length of track. 

 

Table 1 – Parameters included in the prioritization tool 

Parameter Description Function 

Roughness Average roughness per 100 m 

track section 

Input for calculating 

roughness compared with 

the average level 

Maximum level Maximum level and number of 

maximum levels per 100 m 

track section 

Difference from average 

level is combined with 

placement of switches or 

insulations joints for 

identifying critical spots 

Amount/mix of trains Train length per 24 hours for 

passenger and freight trains  

Included in the 

correction for roughness 

Train speed Line speed for passenger and 

freight trains 

Included in the 

correction for roughness 

Population density Relative density of residential 

buildings and distance to the 

railway 

Distance to dwellings 

combined with density 

scored in relevant 

intervals 

Maintenance need Effect of various maintenance 

methods 

Scores at relevant 

intervals and is included 

in weighting 

Maintenance costs Cost for maintenance types Includes weighting 

together with other 

parameters 
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4.3 Implementation in GIS 

The prioritization tool is implemented in GIS, where it is possible to extract information with 

various levels of details. Figure 7 is a screenshot from the GIS showing a table with the track sections 

prioritized and a map where track sections are color coded according to priority. 

 

 

Figure 7 – Screenshot with measured roughness weighted according to speed, traffic, density and economy 

 

The aggregated roughness for the 100-metres sections therefore needs to be geocoded in relation 

to the track theme in GIS. Data can then be combined with data relating to train types (share of freight 

and passenger trains) and speed of the relevant track sections, as these parameters have an impact on 

the noise emitted to the surroundings. 

Once the maintenance method has been selected the effect in terms of roughness reduction in 

relation to economical costs and building density along the railway can be assessed and prioritized.  

5. CONSEQUENCES FOR GENERAL MAINTENANCE 

Besides the obvious use of data to prioritize maintenance according to rail roughness in 

combination with population density these data have also proved to be of great use for planning of 

general maintenance (3). The data reveals a lot about the quality of the rail head surface and in 

combination with e.g. pictures of the railheads provided by the traditional measuring cars 

Banedanmark has been able to identify a substantial amount of rail defects not detected by other 

methods like e.g. ultrasound measurement. These include bad weldings, periodically spaced imprints 

from wheel flats, badly isolated joints, bad switches etc. Identifying and removing these faults at an 

early stage have great economic benefits.  

6. SUMMARY 

Over the past two years rail roughness surveys have become an important part of Banedanmark’s 

strategy to reduce the environmental noise from the railway.  

Staff responsible for answering noise complaints now have an efficient tool for assessing the track 

condition and can give more qualified answers to complainants. 

The prioritization tool described here for the socio-economic optimization of noise reducing 

measures like grinding and milling etc. will ensure that the funds available for these activities are 

used in the most effective way. Documentation of the environmental effects of these measures is part 
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of the tool and will strengthen the arguments for prioritizing funding of these activities in political 

decision-making. 

Lastly, the roughness data have been used to plan the maintenance in terms of milling and grinding 

in 2019 and has also proven to be an effective tool in finding rail surface defects at an early stage 

resulting in financial savings. 
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Aircraft noise: Conversion of an existing to a desired number of subtracks
with identical lateral dispersion to obtain smooth noise contours

Olivier SCHWAB(1)

(1)Empa, Swiss Federal Laboratories for Materials Science and Technology, Switzerland, olivier.schwab@empa.ch

EXTENDED ABSTRACT
Introduction
In aircraft noise calculations, the dispersion of flight tracks on a certain air route is often represented by a backbone
track and a number of laterally displaced subtracks, where each track is assigned a fraction of the route’s movements to
obtain a certain lateral distribution [1]. For routes with a large dispersion of the flight tracks, the number of subtracks
should be larger than for routes with small dispersion to obtain smooth footprints (i.e., single event level grids or
contours) in both cases. However, if subtracks are drawn by hand using expert knowledge, e.g. because no reference
radar data is available, the number of available tracks is usually limited. Here, it can be useful to be flexible in the
creation of additional and/or modification (smoothing) of existing subtracks.

Methods
In this contribution, we present a method to construct a different (usually larger) number of subtracks based on a set
of existing subtracks by geometric matching of the subtracks with the backbone track. The method consists of two
steps: first, the existing subtracts are matched with the backbone track, i.e. each point on either track is assigned
to a matching point on the other tracks using a similarity measure, and second, a different number of subtracks is
constructed. The latter assumes identical lateral dispersion of the converted tracks to the original subtracks. For
the matching, it is important to choose a method that is robust with respect to the sampling and to the nature of the
tracks (e.g. very tight turns, edges in the curves, ...). In this case, the matching is done using a two-dimensional
implementation of the dynamic time warping algorithm (2D-DTW). The matching points on the tracks can then be
used to estimate the local lateral distribution function, which serves as a basis for calculating the geometric location
of the new subtracks.

Results
We show example cases of aircraft noise calculations featuring tracks with tight turns and non-symmetric subtracks
with respect to the backbone track, and compare resulting footprints with those computed based on the original
tracks. The aircraft noise calculations are done using FLULA2 004 [2], and differences in receiver grid levels are
shown. Results indicate that, depending on the nature of the tracks, a different number of subtracks is appropriate.
For flight routes with low lateral flight dispersion, increasing the number of subtracks has a negligible impact on noise
contours, while widely dispersed tracks require a larger number of subtracks.

Conclusion
The presented method allows the up-sampling of the number of subtracks for a flight route. It is based on a matching
algorithm between the original tracks, followed by the construction of the new subtracks using an estimate of the
local movement distribution. Results indicate that the geometry of the original tracks dictates whether the number of
available tracks is sufficient, and whether an increase in the number of tracks is advisable.

Keywords: Aircraft Noise, Ground Tracks, Flight Trajectories, Lateral Flight Dispersion
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ABSTRACT 
The Sonic Booms in Atmospheric Turbulence (SonicBAT) project concluded in 2018. The overall goal of 
SonicBAT was to develop tools to predict the influence of atmospheric turbulence on shaped sonic booms 
for newly proposed low-boom supersonic passenger aircraft. There was a substantial experimental 
component to obtain statistically-useful datasets of recorded sonic booms in both dry and humid 
environments. The project was carried out by a large team, and the authors of this paper are a small subset of 
the individuals involved. The purpose of this presentation is to highlight some of the main findings of 
SonicBAT and to provide pointers to the primary technical report and other publications that are now 
becoming available, both from SonicBAT and from subsequent findings. Overall, SonicBAT was successful 
in developing multiple ways of predicting the influence of atmospheric turbulence on the propagation of 
arbitrarily shaped sonic boom waveforms as they propagate through the earth’s planetary boundary layer. 
The influence of turbulence is profound for N-wave sonic booms but is reduced for low-boom sonic boom 
signatures. 
 
Keywords: Sonic Boom, Turbulence, Aircraft 

1. INTRODUCTION 
During the 1960’s and early 1970’s there were a number of theories attempting to explain why 

sonic boom signatures became distorted during their passage to the ground.  It was observed that the 
distortion of the spiking and rounding of N-wave sonic booms would occur most times of the day with 
the exception of early in the morning, sometimes (1).  A theory of Pierce and Maglieri (2) was 
eventually accepted and built upon by others, identifying that atmospheric turbulence in the planetary 
boundary layer was responsible for distorting the N-wave sonic booms.  However, in those early 
years, it was not possible to recreate the sonic boom distortion with a fidelity such that one could 
know the statistical occurrence of the spiking and rounding.  It was also not possible to know whether 
non-N-wave signatures would be similarly distorted, and this point was concerning to both NASA and 
airframers interested in developing low-boom supersonic aircraft that might be quiet enough to be 
acceptable to the public. 

The SonicBAT project, standing for SONIC Booms in Atmospheric Turbulence, began as a 
proposal from Wyle Laboratories, Inc. (now KBR) and The Pennsylvania State University (Penn State) 
to NASA through their NASA Research Announcements (NRA) solicitation in 2014.  Penn State and 
Wyle had been talking with NASA for several years prior to 2014 to request that a large-scale study 
of atmospheric turbulence effects on sonic booms be initiated.  As the joint proposal was selected for 
funding, the size of the effort became clear: there would be multiple prediction models investigated 
and validating those models would require field measurement campaigns in widely varying 
atmospheric conditions.  It would also require NASA to deploy aircraft and sonic boom measurement 
equipment at remote locations and make direct measurements of atmospheric turbulence and other 
meteorological parameters almost simultaneously with making microphone measurements.  The 
other project partners grew to include Boeing, Eagle Aeronautics, Lockheed Martin, Gulfstream 
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Aerospace Corporation, Technical & Business Systems, and the Laboratory of Fluid Mechanics and 
Acoustics at Ecole Centrale de Lyon.  This paper will focus primarily on the work of Penn State and 
Wyle working with NASA.  The project was technically challenging and stretched everyone involved.   

Other than the most recent developments, most of the material regarding SonicBAT will be 
available later in 2019 in a NASA Contractor Report (CR), and that report will give much greater 
detail and specificity in the descriptions (3).  The remainder of this summary paper is arranged as 
follows:  The next section briefly describes the field measurements of conventional N-wave sonic 
booms used for validating the prediction methods described in Section 3.  Section 4 describes the 
primary results coming out of the SonicBAT.  Section 5 extends those results beyond SonicBAT to 
the work reported by Stout in his Ph.D. thesis (4).  Section 6 provides additional links to the literature 
coming out of SonicBAT in the near future for those wanting to know more, and Section 7 concludes 
this paper.   

2. FIELD MEASUREMENTS 

2.1 Overall Considerations 
A distinguishing feature of the SonicBAT field measurements was the effort undertaken to carefully 

characterize the atmosphere and atmospheric turbulence at the same time the microphone recordings 
were acquired.  To the authors’ knowledge, this is the first time sonic boom tests were conducted 
with such elaborate measurements of the atmosphere.  And as will be explained, those measurements 
were critical for the success of SonicBAT. 

In the original planning for SonicBAT it was well understood that the developed prediction models 
would need to work well anywhere in the continental U.S., if one wanted to consider overland civil 
supersonic flight.  Both dry and humid conditions would need to be included, as it was understood in 
the 1990s that humid conditions would lead to louder sonic booms, due to decreases in the sonic boom 
rise time.  After a detailed survey of possible locations, the dry conditions at NASA’s Armstrong 
Flight Research Center and the humid conditions at NASA’s Kennedy Space Center were selected for 
the field tests.  Hence one test was for low-humidity extreme and the other for high. 

Another important aspect of the field measurements was the attempt to minimize, for most of the 
aircraft flight passes, any variation in course, altitude or Mach number between the flights.  In 
SonicBAT the emphasis was on obtaining a large body of sonic boom measurements where the primary 
influence on the microphone recordings was from variations in the atmosphere.  The philosophy was 
to keep all other flight parameters as unchanged as possible, so the statistical variations in received 
levels would be due to the atmosphere, not to other changes in experimental conditions.  Since future 
civilian supersonic aircraft are envisioned to fly overland at Mach numbers on the order of 1.6, the 
tests were conducted at the highest Mach numbers possible given the aircraft available and the 
prevailing atmospheric conditions.  At the two measurement sites the test Mach numbers were usually 
around M=1.39 at NASA’s Armstrong Flight Research Center and around M=1.35 at NASA’s Kennedy 
Space Center.  The aircraft used for both tests was a McDonnell Douglas F/A-18 Hornet (F-18).  The 
F-18 altitude was between 10.4 to 10.5 km (34,000 to 35,000 feet) msl for both tests. 

An additional notable aspect of SonicBAT is that most of the data analysis in the project employed 
modern loudness metrics, such as Steven’s Mark VII Perceived Level (PL).  This is important because 
subjective tests have shown that human hearing does not correlate loudness with maximum pressure 
very well (5), and in the older sonic boom literature only maximum pressure values are reported.  PL 
is a much better metric for assessing loudness of sonic booms. 

2.2 Aircraft Deployed and Meteorological Measurements 
For the flight tests NASA utilized F-18 jet aircraft to create the sonic booms, and they also flew a 

TG-14 motorized sailplane with a microphone probe mounted under and forward of the wingtip.  The 
TG-14 was flown on a trajectory so that it would be in between the supersonic F-18 and the ground 
microphone array, and it would be well-positioned to capture the sonic boom signature before it 
entered the planetary boundary layer.  The TG-14 pilot was instructed to fly just above the boundary 
layer, staying out of the rough air created by the boundary layer cap.  To deploy these aircraft assets, 
including the pilots, aircraft, fuel, maintenance crew, ground control engineers, and other required 
staffing and supplies was an enormous undertaking by NASA.   

In addition to the usual weather balloon launches to get atmospheric profiles, NASA obtained and 
brought to each of the field tests ultrasonic anemometers and a mini-SODAR.  The purpose of the 
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ultrasonic anemometers was to directly characterize the structure parameters of the turbulence, and 
they were very effective for this purpose.  In addition, a measurement of the atmosphere with a mini-
SODAR at each site allowed for a better picture of the atmosphere above the microphone arrays, 
giving information such as the 3-D winds and the height of the atmospheric boundary layer, 
confirming the data from the weather balloons.  For the more humid atmosphere at Kennedy Space 
Center, a humidity flux sensor was also acquired and utilized.  This allowed for an adjustment to the 
dry structure parameter values due to the humidity that were not necessary in the dry desert 
environment at Armstrong Flight Research Center. 

2.3 Measurements at NASA’s Armstrong Flight Research Center 
NASA’s Armstrong Flight Research Center (AFRC) is the base for NASA’s aircraft research, and 

it is located in the Mojave Desert, within the boundaries of Edwards Air Force Base, north of Palmdale, 
CA, itself north of Los Angeles, CA.  Supersonic flights for SonicBAT were conducted during July 
2016, and most of the days were cloudless.  There were three microphone arrays.  The details of the 
other arrays are available in the Contractor Report, but the primary array was linear, with 16 
microphones spaced approximately every 30.5 m (100 ft), along the flight direction.  All microphones 
were ½” diameter infrasonic devices placed on groundboards.  All data were acquired using 24-bit 
A/D at 51200 samples/s.  The TG-14 data were acquired at the higher sample rate of 65,535 samples/s.  
The TG-14 was in proper position for 60 of the 69 supersonic flight passes made by the F-18.  It was 
determined that 96 percent of the 2059 signatures recorded across all microphone arrays were affected 
by atmospheric turbulence. 

2.4 Measurements at NASA’s Kennedy Space Center 
NASA AFRC deployed their assets to NASA’s Kennedy Space Center (KSC) during August 2017. 

KSC is located adjacent to the Atlantic Ocean on Florida’s East coast.  A primary consideration was 
to eliminate, as much as possible, any impact of supersonic testing activities on the residents of nearby 
Titusville, FL affectionately known to the planning and measurement team as the “wall of humanity.”  
There was much effort placed into reducing to near zero any members of the public hearing sonic 
booms, and this was primarily accomplished through careful flight planning by NASA. 

The majority of the instrumentation at KSC was very similar to the instrumentation used in the 
AFRC tests, with the addition at KSC of the humidity flux sensor mentioned in Section 2.2.  One 
major difference at KSC, however, was that the weather conditions included clouds and occasional 
rain showers and thunderstorms.  This required multiple postponements and some cancellation of 
planned flights.  Further the ground microphone team needed to run and cover up microphones to 
protect them from rain on multiple occasions on very short notice.  Some microphones were 
susceptible to fine sand being blown into their active areas, making them inoperable.  For the KSC 
test the TG-14 was in proper position for 35 of 56 passes of the F-18 aircraft.  Approximately 1883 
signatures were obtained, and 95% of those were affected by turbulence.  As predicted, the more 
humid environment of KSC led to shorter rise times and many “crackier” booms heard by the field 
technicians.  However, some booms were substantially softened, and these may be booms that had 
passed through thick cloud layers.  Another difference from AFRC is that there was often a sea breeze 
occurring at KSC, affecting the atmospheric boundary layer, and this is described more in the 
Contractor Report. 

3. PREDICTION OF SONIC BOOM PROPAGATION THROUGH TURBULENCE 
There were two prediction models developed under the auspices of SonicBAT.  The first was 

TURBO, a classically-based model developed by John Morgenstern of Lockheed Martin.  Because 
of space limitations, that model will not be covered here.  One can find a complete description in the 
SonicBAT Contractor Report, available later in 2019. 

3.1 Two-dimensional Simulations 
The second prediction model will be described briefly here, as the present authors are more familiar 

with it.  The numerical model used was the Khokhlov-Zobolotskaya-Kuznetzov (KZK) equation, and 
prior to SonicBAT it had shown good potential for modeling sonic booms and similar types of waves 
propagating through atmospheric turbulence, see Averiyanov 2011 (6). Due to space limitations the 
details of the KZK implementation will not be provided here. The propagation would occur through 
inhomogeneous temperature fluctuations (scalar turbulence) and inhomogeneous wind fluctuations 
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(vector turbulence).  The Random Fourier Modes approach of Blanc-Benon (7) was utilized for 
implementing the turbulent distributions in the atmosphere, and the turbulence model of Wilson (8), 
repeated in Ostashev and Wilson (9), provided the structure of the turbulence as a function of height 
above the ground.  The actual turbulence and other atmospheric measurements from the field tests 
were used to provide inputs to the numerical model.  All the details of the KZK numerical model and 
the inputs are provided in the Ph.D. dissertation of Trevor Stout (4), and the appendices of that 
dissertation include the actual model source code in C++.  Support for running the KZKFourier code, 
as it is called, was provided by NASA on their Pleiades High Performance Cluster.  The sampling 
rate used was usually 200 kHz, although that sampling rate was reduced to 51.2 kHz when examining 
shaped waveforms without short rise times. 

All of the KZKFourier results reported in the SonicBAT Contractor Report were two-dimensional, 
meaning the 3rd transverse dimension parallel to the ground was assumed constant.  This restriction 
was due to the very high computational cost of fully three-dimensional simulations which will be 
described in Section 5.3 below. 

4. PRINCIPAL RESULTS OF SONICBAT 

4.1 Large High-Quality Database of Sonic Booms and Atmospheric Turbulence 
Since no databases of sonic booms with coordinated turbulence and atmospheric measurements 

were available previously, this is an important product of the SonicBAT program.  The major 
limitation to this database is that it is exclusively for conventional N-wave signatures. 

4.2 New Prediction Models 
Both the KZKFourier and TURBO models are available to NASA and its designates, and 

modifications of the approaches will allow for further developments going forward.  As already 
mentioned, the KZKFourier prediction model is included in Trevor Stout’s Ph.D. dissertation.  This 
should supply ample opportunity for new understanding. 

4.3 Validation between prediction and measurement of N-wave booms 
One of the first tasks after the KZKFourier model was working and the near simultaneous 

measurement of sonic booms in atmospheric turbulence were processed was to see how closely the 
statistical distribution of PLs compared between model and measurement.  The Contractor Report 
and Trevor Stout’s Ph.D. dissertation have more details.  There is excellent agreement between the 
histograms between calculation and measurement when comparing the PL values received on the 
ground, relative to a nominal (no turbulence) signature.  This figure will be available soon in a peer-
reviewed journal article, and the comparison will be shown at the ICA2019 meeting. 

4.4 PCBoom Improvements, including New Finite Impulse Response Filters for PCBoom 
SonicBAT also required new features be added to the sonic boom prediction program PCBoom.  

One of these developments is that PCBoom will now allow one to use NASA’s sBoom program to 
propagate the signature to the ground instead of using PCBoom’s built in FOBoom module based on 
the Anderson Algorithm.  sBoom instead uses a time-domain Burgers Equation solver. 

Further, PCBoom’s WCON module was updated to handle high-resolution signatures with a user-
defined sampling rate.  In addition, program flow was updated to allow Burgers-evolved signatures 
(from the PCBurg module)  to interface properly and be used with the turbulence models. 

Locey and Sparrow (10) had introduced the concept of using a finite impulse response (FIR) filter 
to model sonic boom propagating through turbulence in 2007.  The concept was to use measurements 
from a sailplane and ground measurements to show exactly how the sonic boom was affected by 
turbulence.  Using the KZKFourier prediction model developed in SonicBAT, a much larger set of 
FIR filters were developed for use in predicting the effects of turbulence on sonic boom waveforms.  
These new KZKFourier-developed FIR filters have been incorporated into PCBoom in the WCON 
module.  Hence the new capability allows anyone using the modified version of PCBoom to apply 
the influence of turbulence to any signature in PCBoom.  The filters incorporated will provide a mean 
Perceived Level signature, and signatures with plus or minus one standard deviation from the mean.  
Hence, one can see the range of turbulence effects and both the spiking and rounding (for N-waves).  
The turbulence effects can be seen on the standard metrics of SELA, SELB, SELC, SELE, PL, and 
NASA’s ISBAP (indoor sonic boom annoyance predictor), as well as maximum overpressure. 
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4.5 New Understanding of Turbulence Effects on Shaped Boom Waveforms 
Once the validation was complete, showing good statistical agreement between predicted and 

measured sonic boom loudness results for N-waves, the effort switched to the original question:  Are 
shaped sonic booms less prone to spiking and rounding than conventional N-waves?  In SonicBAT 
the team members of Boeing, Lockheed-Martin, and NASA all provided shaped signatures for low 
boom concept aircraft which were used as inputs to the KZKFourier prediction program.  In summary 
the results show that there are definitely fewer high-PL or high-ISBAP events for the shaped waves 
when compared to N-waves, and this was true for all the shaped signatures considered.  Thus, the 
study corroborates the previous analysis using NASA shaped sonic boom demonstrator (SSBD) 
aircraft, see Morgenstern et al. 2005 (11) and Plotkin et al. 2005 (12), that the benefits of boom 
shaping loudness reduction persist even in the presence of turbulence.  SSBD only had front-shock 
shaping, and SonicBAT has extended the result to fully-shaped supersonic aircraft.  Additional 
simulations showed that this shaping benefit would exist over a wide range of atmospheric conditions. 

5. RESULTS SUBSEQUENT TO SONICBAT 
Much of the research formally supported through SonicBAT concluded in the Spring of 2018, but 

subsequent follow-on studies in the Ph.D. Dissertation of Trevor Stout and journal articles continued 
for almost a full year later.  Some of the primary new findings are now summarized. 

5.1 Effect of Nonlinearity for N-wave and Shaped Signatures 
One assumption in the FIR filter approach taken in Section 4.4 is that the propagation effects of 

nonlinearity are negligible over the propagation distance through the boundary layer.  To investigate 
this, a study was undertaken by T. Stout in his Ph.D. dissertation, which was later reported upon at 
the 21st International Symposium on Nonlinear Acoustics in Santa Fe, NM, USA, July 9-13, 2018 (13).  
Simulations of both N-waves and shaped waves were run with and without the nonlinear terms of the 
KZK equation included.  The results show that for N-waves the effects of nonlinearity can be 
important, but for waves having longer rise times the effects of nonlinearity can be neglected; thus, 
for smooth sonic boom waves it may not be necessary to explicitly include nonlinearity.  The study 
comparing propagation with and without nonlinearity also showed the criticality of including 
nonlinearity for prediction comparisons with the SonicBAT experimental data, all N-waves. 

5.2 Efficient time-domain spline interpolation 
To ensure a large number of 2-D simulations could complete in a reasonable time, and to make 

attempting 3-D simulations tractable in any sense, it was necessary to identify the fastest algorithm to 
integrate the KZK equation for nonlinearity, temperature fluctuation, and advection.  A study 
published in September 2018 JASA Express Letters has shown that using an exact time-domain 
solution implemented using natural splines preserving C2 continuity are best and can give a 50% 
speedup or more over other choices (14).  This cut the computation time for the “production runs” in 
SonicBAT significantly. 

5.3 Three-dimensional Simulations 
Having derived a fast method to solve the KZK equation, 3-D simulations became more tractable.  

While the calculations and results for the two-dimensional simulation are all along a line parallel to 
the ground, the three-dimensional simulations are in a plane aligned with that same line and the 
perpendicular to that line. The calculation rectangular array is perpendicular to sound rays heading 
down to the ground.  For simplicity, it is assumed that the sound rays are straight, so the 3-D 
calculation domain is a rectangular prism.  When comparing 2-D to 3-D simulations the sampling 
rate was held at 51.2 kHz for all calculations.  The 2-D domain was 1000 m in length and the 3-D 
domain was 400 m by 400 m with all grid sizes discretized at 0.5 m.  For a 1.76 km propagation 
distance, the 2-D simulations each took 13 hours using 3 cores each, and the 3-D simulations took 9 
days each utilizing 28 cores on a Broadwell node.  Therefore the 3-D runs were about 150 times more 
computational expensive than the 2-D runs. 
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Figure 1:  Normalized PL spatial map at bottom of the computational domain near ground for one 

realization of a KZKFourier 3-D run (top).  Data along y = 100 m (solid) and 350 m (dashed) are also 

plotted (bottom).  Red color shows PL increases where energy focused and blue indicates PL decreases 

where there was defocusing.  Variation in PL is seen across any line across the 2-D spatial map. 
 

5.4 Comparing 2-D and 3-D results 
Using the capabilities of NASA Pleiades cluster, a limited number of 3-D simulations were 

performed.  At the bottom of the computational domain, a plane of microphone measurements can be 
extracted.  This plane is not parallel to the ground, but at an angle perpendicular to the raypaths.  
However, this still gives a good indication of how the sounds are distributed on the ground.  An 
example output of the PL metric is shown in Figure 1, where line slices across the domain show what 
lines of microphones would receive on the ground. The white color corresponds to the nominal sonic 
boom result without turbulence, and deeper red or blue colors show higher or lower deviation in PL 
from the nominal, respectively.  The results provide a spatial window onto how sonic booms can be 
spiked and rounded.  A different random number seed for the turbulence would have produced a 
different realization of the spatial map. 
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In addition, one might wonder whether the statistical occurrence of spiking would change, now 
including the third dimension in a 3-D prediction.  There is no room in the present ICA 2019 paper 
to include all the details, but it was observed, given a very limited number of 3-D runs, that the PL 
standard deviation increased by 11% going from 2-D to 3-D.  Further for 3-D, the mean values of 
turbulized PL decreased, but there was an increase in the number of spiking events.  This should be 
investigated further in the future with additional 3-D runs with a wider range of turbulence parameters. 

These results were first reported in Stout’s Ph.D. dissertation and the 2019 AIAA/CEAS 
Aeroacoustics Conference in Delft, The Netherlands, as were the results in the next section (15). 

5.5 3-D result implications for microphones arrays at field tests 
Having the capability to predict 3-D spatial maps allows one to do a better job in thinking about 

how microphones should be arranged on the ground to capture the spiking and rounding of sonic boom 
waves.  A Monte Carlo experiment was performed where different virtual array types (linear layout, 
cross layout, 2-D rectangular grid layout) were used to sample the 3-D spatial maps.  The sonic boom 
metrics sampled by the different array types were compared with the overall metric distribution to see 
how well the arrays could sample the metric’s spatial variation.  Separation between adjacent 
microphones was kept to 30.5 m (100 ft) for all arrays, but arrays were tried of different lengths.  
Using 1 million array samples of the computational domain, across many array types, it was found 
that the microphone arrays systematically under-predict the PL standard deviation.  At the same time 
the PL mean is correctly estimated.  The cross array had the best precision and accuracy, and the grid 
array the worst.  It was also found that increasing the effective span of the array lessened the bias in 
the sampled PL standard deviation and increased the PL mean precision.  Increasing the number of 
microphones increased the precision of the PL standard deviation.  More details are available in the 
May 2019 AIAA/CEAS paper (15). 

6. LINKS TO THE LITERATURE 
The authors are currently involved in getting the SonicBAT results and subsequent findings written 

into peer-reviewed journal articles, and at the time of the writing of the current ICA 2019 summary 
paper, May 2019, those articles are currently undergoing review by NASA and others (16, 17).  The 
interested reader is very welcome to contact the first author (vws1@psu.edu) after the ICA 2019 
meeting to request the updated list of references. 

7. CONCLUSION AND FUTURE WORK 
The SonicBAT project was very successful in advancing our knowledge of how sonic booms are 

affected by atmospheric turbulence. One important take-away is that shaped sonic booms really will 
spike less frequently than do conventional N-waves.  In future efforts many more 3-D simulations 
need to be performed with a greater spread of input parameters corresponding to different atmospheric 
states.  The KZKFourier programs, both 2-D and 3-D, assume that the relative humidity is constant 
throughout the computational domain and that geometrical spreading is negligible, and clearly neither 
of those are strictly true; hence, including spatially varying relative humidity and geometrical 
spreading should be implemented.  Another point is that the KZKFourier simulations assume an 
atmosphere with strong buoyancy forcing as this is inherent in the Wilson model used.  In the future, 
different atmospheric turbulence models could be implemented that correspond to turbulent conditions 
on cloudy days or at night.  The FIR filters implemented in PCBoom now provide an important 
capability not seen before, and this should be thoroughly exercised for a wide variety of input shaped 
sonic boom signatures.  And with new turbulence models and more 3-D simulations available, the 
FIR filter coefficients can be updated.  Other suggestions for future work are given in T. Stout’s Ph.D. 
dissertation. 
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Abstract
The enforcement of noise control regulations around airports usually depends on the estimations of aircraft
noise prediction models. Current best–practice noise contour calculation methods assume default engine thrust
values depending on the engine type and the altitude of the aircraft. These prediction tools provide a single
noise level for a certain aircraft type in a certain flight phase and at a specific distance from the observer. In
practice, however, changes in the thrust occur and cause variations in the noise levels of several decibels. In this
paper, an approach is presented to estimate the fan rotational speed N1% (and hence the thrust) directly from
flyover audio recordings. This method estimates the blade passing frequency (BPF) of the fan by searching its
characteristic tonal peak (and its higher harmonics) and accounting for the Doppler effect. This method was
applied to more than 400 measurements of Airbus A330–300 aircraft. The results show a significant correlation
between the recorded noise levels and the fan rotational speed, explaining up to 43% of the variability in noise
levels. Considering the calculated N1% values in the noise prediction models notably increases the agreement
of the estimations with the recorded noise levels.
Keywords: Aircraft noise, Turbofan noise, Noise prediction models

1 INTRODUCTION
Due to the increasingly importance of aircraft noise because of the continuous growth in air traffic, obtaining
precise information about the aircraft noise levels is essential for properly enforcing environmental laws around
airports, route management and and land–use planning [1, 2].
The typical approach for estimating aircraft noise levels is based on legal compliance methods, such as those
described in Document 29 of the ECAC (European Civil Aviation Conference) [3], which allow for the cal-
culation of noise contours around airports to estimate the average noise exposure of aircraft operations over a
relatively long period of time and set noise limits. This type of methodology can be called best practice since
relatively large assumptions are made, either for practical reasons or due to the lack of detailed data. The noise
levels are estimated for each operation using look–up tables, such as the noise–power–distance (NPD) tables,
whereby the aircraft’s thrust settings and the distance to the observer are the main inputs. Previous compar-
isons between aircraft noise prediction models and experimental measurements [4–7] showed that differences
of several decibels exist between modeled and measured noise levels, which can lead to important errors when
assessing the annoyance experienced by the population living around airports. For example, a mere difference
of 1 dB in the predictions can lead to changes of about 20% in the noise contours [8]. Therefore, experimental
validations and potential improvements of these models are of great interest [2].
Other more sophisticated, semi–empirical aircraft noise prediction methods, such as ANOPP [9] or PANAM [10]
model the sound emission and propagation separately and provide more accurate predictions, but they require
very detailed input data, which are not typically publicly available [5]. In addition, these programs are normally
not accessible to other users and are limited to a small number of aircraft types. Therefore, this paper focuses
on the best practice method of ECAC’s Doc. 29. For a more detailed explanation on how to use this method,
the reader is referred to [2, 3].
These simpler best practice prediction tools, such as the NPD tables, provide a single noise level for a certain
aircraft type, in a certain flight phase and at a specific distance from the observer [11, 12]. Previous studies
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[13–15], however, showed that changes in certain aircraft settings (especially the fan rotational speed) produce
variations in the noise levels of several decibels. Not accounting for this fact can considerably hamper an
accurate calculation of noise contours. The noise prediction models use relatively simple estimations (the so–
called thrust profile) for the net engine thrust for each flight phase.
In order to evaluate the current assumptions regarding net thrust made by the noise contour models, the actual
engine fan settings N1% (i.e., the relative fan rotational speed) and the distance between the aircraft and the
observer need to be determined. The term engine fan setting [4, 13–15] refers to the ratio between the fan
rotational speed (in rpm), n, and the maximum fan rotational speed, nmax, i.e., N1% = 100n/nmax because it
refers to the low–pressure shaft of the engine, on which the fan is mounted. Even though the actual aircraft
settings are recorded by airlines, these data are not publicly disclosed for reasons such as pilot privacy and
to ensure the operation business strategies of airlines. To compensate for this lack of information, a method
to determine N1% based solely on audio files is proposed and described in this paper. Whereas some of the
aforementioned studies [4, 7, 13–18] made use of phased microphone arrays to analyze the noise contributions
of different aircraft components, the present research only studies the total aircraft noise levels recorded by an
individual microphone from the Noise Monitoring System (NOMOS) around Amsterdam Airport Schiphol in
the Netherlands [2].
Thus, the aim of this paper is to investigate the effects of considering the instantaneous thrust setting on the
noise level predictions, rather than employing tabulated values as in practice. A large set of experimental
data, containing more than 400 flyovers of Airbus A330–300 (henceforth Airbus 333) aircraft under different
operational modes (arrivals and departures), was considered to compare the N1% values used by the models
with those found experimentally. A correlation analysis was performed between the recorded noise levels and
the measured engine fan settings to assess the importance of this parameter in the noise emissions. Lastly, a
comparison between the noise levels predicted using the NPD tables and those recorded experimentally is also
presented.

2 EXPERIMENTAL SETUP
The study is based on 433 audio files recorded by one noise monitoring terminal (NMT 14) in the surroundings
of Amsterdam Airport Schiphol in 2016. The flyovers correspond to approaches (221) and departures (212)
of Airbus 333 aircraft, which is a wide–body, twin–engine jet airliner designed for medium– to long–range
operations. Almost all the aircraft considered were equipped with engines from the CF6–80E1A family, which
are the ones considered for this study. The extension to more aircraft types and measurement locations can be
found in [2].
The NOMOS system continuously measures the noise in residential areas around Amsterdam Airport Schiphol
using calibrated Brüel & Kjær microphones. The microphones start recording whenever a certain threshold
sound pressure level (Lp) is exceeded. The measurement point is located at Hoofdweg 1730, Abbenes in the
Netherlands (latitude 52.2353764 ◦, longitude 4.5937646 ◦ and altitude -3 m).
Unfortunately, to reduce data storage, the NOMOS audio files are filtered and resampled with a sampling fre-
quency of 8 kHz when stored, which causes a loss of all the spectral information for frequencies higher than
3500 Hz [2]. Hence, the noise metrics recorded by NOMOS (before the data compression) were used as a
reference. The maximum Overall A–weighted Sound Pressure Level (Lp,A,max) was employed in this study but
the same conclusions apply to other metrics such as the sound exposure level (SEL or Lp,A,e) or the effective
perceived noise level (EPNL) [2].
The trajectories of the aircraft flyovers were determined using ground radar data from air traffic control, which
is recorded every 4 seconds and interpolated linearly in between [2]. The average minimum distance to the
observer (r̄min) for approaches (640 m) was considerably shorter than for departures (1110 m). The variability
in the minimum distances rmin is also considerably smaller for approaches (70 m) than for departures (about 730
m) because all aircraft follow the instrument landing system approach. In order to have a more fair comparison
in the noise levels, these differences in distances to the observer were partially accounted for using a simple
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correction factor ∆Lp (considering approaches and departures separately) for the sound spreading which was
added to the recorded Lp,A,max values

∆Lp = 20log
(

rmin

r̄min

)
. (1)

This correction factor is positive for minimum distances to the observer larger than the average (rmin > r̄min)
and vice versa, i.e., the noise levels of aircraft flying further away than r̄min are increased and vice versa.
The weather conditions showed similar values along the duration of the measurements. The temperatures were
used to calculate the sound speed and certain parameters required for the net thrust estimations performed by
the NPD tables, and the wind velocities for calculating the true airspeeds of the aircraft together with the ground
radar data [2]. The velocities presented similar values (about 70 m/s) for both approaches and departures at the
moment when the distance was minimum to the observer. The recorded flyovers had a variability in velocity
for both operation types of about 20 m/s.

3 ESTIMATION OF AIRCRAFT ENGINE SETTINGS
The rotation of the turbofan produces tonal sound because of the interaction between the fan blades and the
stator vanes. The fundamental frequency of this sound, f1, is called blade passing frequency (BPF) and depends
on the fan rotational speed n:

BPF = f1 =
Bn
60

, (2)

where B is the number of fan blades (38 in this case).
Higher harmonics of the BPF are usually found as well in the sound signature of aircraft flyovers. The fre-
quencies of these harmonics, fk, are multiples of the BPF ( fk = k f1, k = 1, 2, 3 . . .). Unfortunately, due to the
relatively low maximum frequency available in this study (3500 Hz), few higher harmonics (up to the fifth)
were found in the spectrograms in practice.
The Doppler effect due to the relative motion of the aircraft with respect to the observer needs to be accounted
for in the fan rotational speed estimation process. The expression for the Doppler–shift ( f ′/ f ) between the
observed frequency f ′ and the emitted frequency f is

f
f ′

=
1

1−‖MMM‖cos(θ)
, (3)

where ‖·‖ is the Euclidean norm of the vector, MMM is the Mach number vector, MMM = VVV/c, VVV is the source
velocity vector, c is the speed of sound and θ is the angle between the position vector of the source with
respect to the observer, rrr, and VVV .
The variation of the polar emission angle θ and the Doppler shift for an example flyover recording are presented
in Fig. 1a. The Doppler effect can be observed in the varying frequency of the engine fan tones in the
spectrograms depicted in Figs. 1b and 1c as black curves.
Thus, the first step in this analysis is to determine the BPF value for each flyover audio recording and then
calculate the fan rotational speed n using Eq. (2). The inputs necessary for this method are the trajectory
and engine characteristics of the aircraft and the audio recording of the flyover. The expected continuous and
monotonically decreasing Doppler shift can be estimated using the aircraft trajectory and Eq. (3), see Fig. 1a.
Afterwards, a least–squares curve–fitting process is performed to ensure that the measured narrow–band engine
fan tones in the signal’s spectrogram agree with the predicted Doppler shift, see thick black line in Fig. 1b.
The spectrograms are calculated by using 2048 samples per time block with Hanning windowing and a 50%
data overlap. For each time step, peaks over a certain threshold are considered as candidates for the BPF.
Afterwards, the characteristic Doppler–shifted curves corresponding to the fan tonal noise are searched for by
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using these peaks. First, the BPF is searched for in the spectrogram within a predefined frequency band over
time, depending on the operation mode and engine characteristics. Changes in the engine fan settings performed
by the pilot during the recording time or due to the turbulence in the atmosphere can also cause “bumps” in the
curves representing the engine fan tones see Fig. 1c. These irregularities can be accounted for by allowing a
small increase (or decrease) in the Doppler–shifted tone frequency with respect to time. The allowable increase
or decrease is defined by the user. The presence of higher harmonics is also evaluated by searching for multiples
of the estimated BPF and serves as a further confirmation that the obtained BPF value is correct, see Fig. 1c
where four additional harmonics are clearly detected. This process provides a (Doppler–corrected) BPF value
(for the instant when r = rmin) and, therefore, an N1% value. The obtained N1% needs to be checked to confirm
that it falls within the typical range depending on the aircraft operation (approach or departure). In case the
provided N1% value is not realistic, the whole process is repeated using a different search frequency band for
the BPF, i.e., a different initial value for the BPF.
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Figure 1. (a) Angle θ and Doppler shift during an example recording. Spectrograms of the audio signal with:
(b) Curve fitted to the Doppler shift. (c) Detected engine tones. The vertical solid black line represents the time
with r = rmin.

4 RESULTS
4.1 Comparison between measured and modeled engine fan settings
Figure 2a shows that the fan rotational speeds are higher during departure (N1 = 90%) than during approach
(N1 = 70%), as expected. However, larger variabilities are found in N1% during approach, with differences of
about 30%, whereas during departure these differences are roughly 10%, which indicates that pilots need to
adjust the throttle to keep the aircraft on the desired flight path during approach, but for departures the throttle
is more fixed. The predicted N1% values using ECAC’s Doc. 29 approach [2, 3] for these cases are plotted as
black dots on the right of each box plot. For approach, this value falls within the 25th and the 75th percentiles
(i.e., the box) of the experimental values, although below the median of these. For departures, on the other
hand, the N1% value considerd by the NPD tables is slightly higher.
The box plot in Fig. 2b presents the variations in the Lp,A,max metric provided by NOMOS and corrected for
the distance following Eq. (1). The median values for both cases are comparable and between 65 and 70 dBA.
However, it should be kept in mind that the distance correction of Eq. (1) is applied to each operation case
individually, meaning that the higher value of r̄min for departures is not accounted for. That is why departures
have comparable Lp,A,max values as approaches. The predicted noise levels by the NPD tables for the selected
flyovers are plotted as black lines on the right of the box plots, showing a satisfactory agreement for approaches
but a considerable overestimation for departures. In general, variabilities in Lp,A,max of about 20 dBA are
observed in the experimental data for both cases, whereas the NPD results show a spread of only 3 dB for
approach and 7 dB for departure.
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Figure 2. Box plots indicating the variability of the: (a) Calculated N1% at r = rmin. (b) Measured Lp,A,max. The
red crosses represent the outliers and the black dots and lines on the right of the boxes denote the estimations
of the NPD tables.

4.2 Correlation analysis of noise level variations
The results of the correlation analysis between the recorded Lp,A,max and the calculated engine fan settings
(N1%) at r = rmin are presented in Figs. 3a and 4a. The correlation coefficient ρ , the coefficient of determina-
tion ρ2 and the p–value are included in the legend of each graph. A common criterion to consider a correlation
significant is that the p–value should be lower than 0.05 [15]. Following this criterion, the two correlations ob-
served are deemed as significant. A coefficient of determination between N1% and Lp,A,max of around 0.3 was
found for the approaches. Similar values were obtained by Snellen et. al. [14] for landings of Boeing 737 and
Fokker 70 aircraft. A higher value for ρ2 (around 0.43) was found for the departure operations in Fig. 4a. This
is expected because engine noise is supposed to be more dominant during departure than during approach [16],
so a stronger correlation with the engine fan settings is justified.
No significant correlation was found between the recorded Lp,A,max and the aircraft true airspeed at r = rmin [2].
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Figure 3. (a) Correlation analysis between Lp,A,max and N1% at r = rmin for approaches. Recorded Lp,A,max vs.
modeled Lp,A,max using (b) default or (c) experimental N1% values for approaches.
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Figure 4. (a) Correlation analysis between Lp,A,max and N1% at r = rmin for departures. Recorded Lp,A,max vs.
modeled Lp,A,max using (b) default or (c) experimental N1% values for departures.

Table 1. Average error (ε), average of the absolute values of the errors (εabs), and standard deviation (σ ) for
Lp,A,max predictions with the NPD tables’ default estimations of N1% (named as NPD) and using the N1%
values obtained experimentally (named as Exp). All the values are in dBA.

Parameter Approach Departure
εNPD 1.65 -2.97
εExp -0.64 0.46

εNPD, abs 2.65 5.38
εExp, abs 2.18 3.78
σNPD 3.58 6.05
σExp 3.07 5.66

4.3 Comparison of recorded noise levels with modeled ones
In order to assess the importance of including the more accurate estimations of the N1% values obtained with
the method introduced in this paper compared to the default ones used in the NPD tables, a comparison with
the recorded NOMOS data was made twice: 1) considering the default N1% estimations by the NPD tables and
2) using the N1% values found experimentally. It should be noted that the distance correction of Eq. (1) was
not applied in the Lp,A,max results shown in this section, since the NPD tables already account for the effects of
the distance to the aircraft, r.
The results of both comparisons are gathered in Figs. 3 (b and c) and 4 (b and c) for approaches and departures,
respectively. The diagonal black dashed line in Figs. 3 and 4 represents a perfect agreement between estimated
and measured Lp,A,max levels (ρ = 1). The least squares fit for each case is also plotted. Considering the
experimental N1% values produces a better agreement between the modeled and measured values of Lp,A,max
and a five–fold increase of the correlation coefficient.
The average error (ε) and the average of the absolute values of the errors (εabs) made by both predictions
(using default or calculated N1% values) for each case are presented in Table 1. The error is defined as the
difference between the measured and the estimated Lp,A,max. Hence, ε > 0 means that the model underpredicts
the actual noise levels and vice versa. The standard deviations of these errors, σ , are also included in Table 1.
On average, including the experimental estimations of N1% reduces ε by 1 dBA and εabs and σ by 0.5 dBA
each. Despite this improvement, there is still a significant discrepancy between the noise measurements and the
noise model predictions. Additionally, it can be observed that in all the graphs there are several outliers that
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are severely underpredicted by both NPD predictions by up to 15 dBA.
It should be noted that in this research, the experimental values of the aircraft velocity or altitude have been
used for the NPD calculations, instead of using default tabulated ones, as usual. Therefore, the actual NPD esti-
mations for Lp,A,max are most probably even less accurate than those presented here. Hence, the error reduction
obtained by using more accurate input values could be even higher in reality. The approach of including the
actual aircraft parameters was taken to isolate the influence of the choice of N1% for NPD predictions.

5 CONCLUSIONS
An automatic approach to determine the engine fan settings (N1%) directly from flyover audio recordings was
proposed in this paper, in order to consider more precise values of this parameter as input for prediction models,
rather than tabulated default values. This method was employed on a large data set of more than 400 Airbus
A330–300 aircraft flyovers recorded by the NOMOS system around Amsterdam Airport Schiphol.
A large variability was observed in the values of N1% obtained experimentally, compared to the default values
assumed by the noise models. Significant correlations were found between the calculated N1% values and the
measured noise levels. Introducing the N1% values obtained experimentally in the predictions reduced the errors
made with respect to the noise level recordings. However, there is still a remaining error and a large variability
in the noise levels unexplained by the noise prediction models.
After noticing the limitations of the noise prediction model employed in this paper, it is recommended to
improve such models, especially by employing more accurate individual flight parameters or accounting for the
strong influence of N1% in the noise levels. This recommendation is especially valid for more sophisticated
purposes, such as noise abatement studies, rather than studies on the average exposure noise levels over long
time periods, where errors in the model estimates can balance out.
Additional research with other aircraft types is encouraged, especially with recordings containing a larger fre-
quency range (i.e., no undersampled as here). Moreover, repeating this study using other noise metrics, such as
EPNL or new sound quality metrics [6, 19], is of high interest to better estimate the psychoacoustic annoyance
around airports.
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ABSTRACT 
An important problem of turbofan design is maintenance of low noise emission. One of the components of 
turbofan noise is the tone noise arising due to inter-row interactions in the booster stages. For modern 
turbofans this component of noise can be significant at approach certification point. The investigations of the 
tone noise of the first booster stage have been carried out in CIAM during last several years. They were 
performed using a frequency domain method for simulation of tone noise of multistage turbomachines 
developed in CIAM. The advantage of the method is the high speed of calculations; however it relies on some 
ad hoc assumptions about the process of interactions between flow field disturbances and blade rows. This 
work presents the results of the tone noise calculation of the first booster stage using time domain approach 
based on multirate Runge-Kutta scheme. The result, obtained in the calculation, is independent from any 
assumptions about the interactions in the multistage turbomachine. This allows verifying the results of 
previous calculations. In general satisfactory correspondence were found between the results of 
computations in time and in frequency domains and between them and experimental data obtained in the 
CIAM C-3A acoustic test facility. 
 
Keywords: tone noise, booster stages, multirate Runge-Kutta scheme 

1. INTRODUCTION 
The main source of modern turbofan noise is the fan. However, such sources of tone noise , as low 

pressure turbines and boosters, can also contribute to the tone noise at some operational conditions 
[1,2]. The advances in the reduction of a fan tone noise can make the contribution of these sources 
more significant. The increase of the low pressure cascades shaft rotation speed in the modern 
turbofans can also lead to the same result. The feature of low pressure turbines and boosters is that they 
are usually multistage turbomachines. The necessity of taking into account of interactions between 
different stages significantly complicates simulations of their tone noise [2,3,4] in comparison with 
ordinary fans. 

A method of multistage turbomachines tone noise calculation, formulated in the frequency domain, 
was developed in CIAM as a part of activities devoted to the calculation of tone noise of the booster 
stages. It is based on the kinematic relations, describing a dependence of flow field in a turbomachine 
from time and azimuth angle. The flow field in each row is represented according to the method as a 
combination of harmonic fragments in one blade channel.  The notion of harmonic fragment – an 
assembly of disturbances having equal frequency and phase shift between the boundaries of one blade 
channel was introduced in [5] (see also references therein). As it was shown in the paper [5], a flow 
field in a row can be decomposed into fields of harmonics of some base frequency, and each field of 
harmonic can be decomposed into a finite number of fields of harmonic fragments. The number 
depends on the turbomachine geometry only. For example for single stage turboimachine the flow field 
for each harmonic can be described by only one harmonic fragment, which reduces the method 
introduced in [5] to the well-known method of rotor-stator interaction calculation based on 
phase-lagged boundary conditions [6]. The method, developed in CIAM, makes possible a significant 
reduction of computational resources, needed for a turbomachine tone noise simulation, by taking into 
account only those harmonic fragments, which contain the strongest disturbances, generated by the 
turbomachine.    

However the specification of the set of harmonic fragments, needed for the calculation of a 
                                                        
1 aarossikhin@ciam.ru  
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turnomachine tone noise with sufficient prediction, is impossible without some heuristic 
considerations [5]. Though the results of the calculations with the method, showed satisfactory 
correspondence with experimental data, it seems important to compare these results with those 
obtained by a method of calculation being less sensitive to the assumptions, made at the statement of 
the calculations. 

Such method of calculation is the method of calculation in the time domain. According to this 
method the discretized equations are solved for specified number of time steps. The calculation is 
performed for whole spatial period (a sector of full annulus equal to 2π/P, where P is the greatest 
common divisor of numbers of blades in blade rows). In such a calculation all disturbances , generated 
by turbomachine, which can be resolved on the computational grid with the specified time step are 
taken into account. Unfortunately the method is extremely expensive in terms of computational 
resources.  

The paper is devoted to the application of the time domain method of calculation for the problem of 
the first booster stage tone noise, which was earlier considered in [5] with the usage of the frequency 
domain method. Both methods of calculation are implemented in CIAM 3DAS solver [7,8]. The solver 
was designed for the calculation of tone noise of the conventional and counter-rotating fans, open 
rotors, low pressure turbines and compressors. 

2. 3DAS SOLVER 

2.1 The Description of the Solver 
The method of calculation used in the 3DAS solver is based on the decomposition of the unsteady 

viscous flow into two parts - inhomogeneous viscous steady flow field and unsteady inviscid 
disturbances. For turbomachinery tone noise applications the steady mean flow field in rows can be 
calculated by any steady aerodynamic solver using Reynolds-Averaged Navier–Stokes (RANS) 
equations, structured grid, finite volume spatial approximation and "mixing-plane" interfaces between 
rows. Calculation of unsteady inviscid equations for disturbances (linear or nonlinear dependent on the 
problem) over the mean steady flow field in a row in the reference frame, rotating with the row, is 
performed by 3DAS solver.  

The equations are solved using the numerical methods of computational aeroacoustics. The finite 
volume approach is used for spatial discretization. The fluxes are approximated using fourth order 
DRP (Dispersion Relation Preserving) scheme [9]. The details of the DRP scheme implementation can 
be found in [7] and references therein. 

Different Runge-Kutta schemes or dual time step method can be used in 3DAS solver as advancing 
schemes. Usually second-order four stages Runge-Kutta LDDRK (Low Dissipation and Dispersion 
Runge-Kutta Scheme) scheme [10] was used for calculations in the time domain. Also a multirate 
Runge-Kutta scheme, developed by authors on the bases of LDDRK scheme can be applied when the 
computational domain can be divided on several subdomains with significantly different cell sizes.  

3DAS solver can be used for calculations either in the time domain or in the frequency domain. In 
the first case the direct evaluation of the discretized equations solution for the prespecified number of 
steps is performed. The interaction between blade rows is provided using sliding grid interfaces. In the 
second case the solution is searched in the form of a finite set of fields of harmonic fragments, 
sufficient for the description of flow field evolution in time. It is obtained using the pseudotime 
relaxation method with local time step. The interaction between blade rows is provided by special 
interfaces, which preserve continuity of flow parameters for prespecified set of harmonic functions of 
time and circumferential angle (circumferential modes). 

Other important details about 3DAS solver can be found in [8]. 

2.2 Multirate Runge-Kutta Scheme 
The second-order four stages Runge-Kutta LDDRK scheme is the usual choice for calculations in 

the time domain with 3DAS solver. The examples of calculations with the scheme can be found in [11] 
and references therein. However the explicit scheme can be used only on the grids with relatively large 
minimal cell sizes. The situation is different for frequency domain methods, where there are no 
limitations on the cell sizes. The problem under consideration was first formulated in the frequency 
domain, and it was found out that the calculation on the same grid in the time domain using explicit 
scheme demanded too much time steps on one period of rotation. As alternatives two methods of 
calculations were tested – dual time step method and multirate Runge-Kutta scheme. The latter 
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approach showed significantly higher calculation speed.               
Multirate Runge-Kutta schemes are an attractive approach for the solution of ordinary and partial 

differential equations. In the formulation of our multirate Runge-Kutta method we followed the 
approach for construction of such methods presented in [12]. The paper [12] is in turn based on the 
well-established theory of partitioned Runge-Kutta methods [13]. 

Let’s briefly describe the method. Assume that we have a system of ordinary differential equations:  

0 0 0( ) ( , ), , ( ) ,ny t f t y y R y t y t ty t f t( ) ( ,) (( ,(  (1) 
In the following we will assume that the solution of equation (1)  can be split into two components 

yL(t) and yA(t), where the first of the components (latent) varies relatively small in time in comparison 
with the second component (active). For the components we can write out:  
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The latent component can be integrated with the time step H, while active with the time step h=H/p 
(p – integer). Thus following the standard representation of the Runge-Kutta scheme we can express 
the solution for the latent and the active components in the form 
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The main question in the problem of construction of multirate advancing scheme is how to find the 
contribution of passive components in the time evolution of active and vice versa. Following [12] we 
are using interpolation formulas of the form 
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The constants in the formulas (5) should obey special assumptions in order to provide the desired 
order of the scheme. Using the theory of partitioned Runge-Kutta methods it is possible to show, that 
in order to preserve the second order the constants should satisfy the following conditions  [12]: 
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In this paper we will use the previously mentioned second order LDDRK scheme as a base for the 
construction of multirate scheme. The constants for the LDDRK scheme are: 

s=4; b1 = b2 = b3 = 0; b4 = 1.0; a2,1 = 0.234570947137; a3,1 = 0; a3,2 = 0.333333333333333;  

a4,1 = a4,2 = 0; a4,3 = 0.5. 
 

The constants in our multirate scheme are the same for both active and latent components. As for 
the formulas (5) we assumed that the values for γi,j are the same as for ai,j (again both for active and 
latent components):    

γ2,1 = 0.234570947137; γ3,1 = 0; γ3,2 = 0.333333333333333; γ4,1 = γ4,2 = 0; γ4,3 = 0.5,  
Also it was assumed that η1 = η2 = η3 = 0; η4 = λ. This choice of the constants satisfies conditions (6).  

If we have several levels of variables activity we have to introduce several time scales. For the level 
of activity l, l=0..k, it is reasonable to take time step in the form hl=H/pl so that to preserve the integer 
ratio between time steps corresponding to different levels of activity. In our calculations it is usually 
assumed that p=2.    

The scheme under consideration can provide relatively high computational speed. However it has 
some significant disadvantages. First of all it is not conservative, being applied to partial differential 
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equations. Also in some cases there is a lack of stability.  

3. THE OBJECT OF INVESTIGATION 
The fan under consideration is a 700 mm diameter high bypass ratio wide chord fan model with 

swept stator vanes, designed for an advanced turbofan of civil aircraft. It has three booster stages. The 
description of the model can be found in [5] and in references therein. 

 

Figure 1. - Scheme of the fan model: a) general view; b) magnified fragment 
The model has 18 blades in the fan rotor and 41 vanes in the stator of bypass duct. It also has 71 

vanes in the inlet guide vanes (IGV) of the booster stages, 86 blades in the rotor of the first booster 
stage and 100 blades in the stator of the first stages. The scheme of a fan model can be seen in the 
fig. 1. 

The calculation was performed at approach operational conditions. At these conditions the tone 
noise of the booster stages dominates in the forward hemisphere over the tone noise of the fan 
rotor-stator interaction [14]. Design parameters of the fan model at approach and designed mode are 
represented in Table 1. 

 
Table 1. Parameters of the fan model 

 Design Approach 

Relative shaft speed 100% 53.9% 

Fan rotor tip speed 395 m/s 212.9 m/s 

First stage rotor tip speed 221.5 m/s 119.4 m/s 

Bypass ratio 8.5 9.7 
 
The aim of the calculation is to resolve the main tones connected with the first booster stage of the 

fan model. The noise generation in the first booster stage reveals itself by the tones with frequencies 
being the combinations of the blade passing frequency of the first booster stage rotor f2=86N, where N 
is the shaft rotational frequency and some harmonic of the fan rotor blade passing frequency f 1=18N. 
The experience obtained in the previous calculation showed [5,15]  that the tones arise as a result of 
the scattering of the disturbance with the frequency equal to f2 on the fan rotor. Therefore, first of all, 
there was a task in view to correctly describe mechanisms of the generation of the tone with this 
frequency in the booster stage. Also it was assumed beneficial to the calculation precision to take into 
account the mechanisms of tones generation at frequencies f2-f1 and f2+f1. These considerations were 
used both in the processes of grid generation and computation setup.    

The test campaign for the fan in the rig setup was performed in the C-3A test facility [14]. It is 
designed for acoustic, aerodynamic, and mechanical investigations of counter rotating and 
conventional fan models. 

4. THE CALCULATION OF TONE NOISE 

4.1 Calculation of Steady Flow Field and Computation Setup 
The first stage of the simulation was the computation of mean steady flow fields using RANS 

equations, the semi-empirical model of turbulence, and "mixing-plane" interfaces between blade rows. 
It was performed with CIAM in-house aerodynamic solvers 3D-IMP_MULTI [7]. The computational 
domain included one blade passage for rotor, stator and each row of booster stages. The boundaries of 

a) 
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the computational domain and boundaries between blocks for individual rows are shown by black 
curves in the fig. 2. The size of the computational grid was 5.6 million cells. The grid had H-type and 
was generated by 3D-IMP_MULTI. The results of the computation were compared with experimental 
data. Satisfactory correspondence for the fan integral characteristics was obtained for all operation 
range. 

 

 
Figure 2. - Scheme of the computational domain: I) Low pressure compressor; II) Booster. Here: a - the 

boundaries of the fine grid region in the computational domain; b - the boundaries of buffer blocks (shown 

only partially); c - the surface for modal analysis upstream of the fan 
 
Next step was the generation of the grid for unsteady calculations. Corresponding computational 

domain included the domain, containing fan rotor blade, the domain containing booster IGV vane, the 
domains containing rotor and stator blades of the first booster stage and the domain, containing 
entrance of the bypass duct. We excluded fan stator from the calculation, because our attention was 
attracted to the forward hemisphere, where booster noise in the experiment was more noticeable. The 
process of reflection of noise from the stator has been decided to neglect. Also in our calculation we 
neglected interaction between the noise of the first stage and the second and third stages.   

The computational grid for unsteady simulations was derived from the grid for the steady flow field 
calculations. The grid was resized in X direction in order to provide the propagation of the 
high-frequency disturbances generated by the first booster stage without significant error. We tried to 
provide resolution approximately equal to 15 points per wavelength for disturbances which 
participates in the generation of tones at frequencies f2-f1, f2 and f2+f1. 

Finally, to avoid unphysical reflections from the boundaries we added to the grid buffer zones in 
which grid cells are stretched near the outer boundaries. In these blocks outgoing waves are absorbed 
by numerical viscosity. The boundaries of the fine grid region in the computational domain for 
unsteady calculations are shown in the fig. 2 by green lines. The boundaries of buffer blocks (partially) 
are shown in the fig. 2 by the blue lines. The size of the grid was approximately 4.2 million cells.  

4.2 Brief Description of the Calculation in the Frequency Domain 
Though the article is devoted to the calculation in the time domain, some brief description of the 

calculation in the frequency domain is needed for a better understanding of the comparison between 
the results of different computations. The description follows the paper [15], from which we will take 
the results for comparison (slightly different from those presented in [5] due to higher number of 
harmonic fragments involved in the calculation). 

We started the calculation setup from the determination of those circumferential modes for each of 
the frequencies of interest (f1, f2-f1 and f2+f1), which are cut-on and probably arises in the strongest 
interactions in the booster stage (the corresponding theory can be found in [5]). It is modes with 
circumferential numbers m=-43; -14; 15; 28; 44 for f2, modes with m=-32; -3; 10; 26; 39 for f2-f1 and 
modes with m=-38; -25; 4; 33; 46; 62 for f2+f1. Most of these circumferential modes arise in the 
interactions between two or three blade rows. To resolve the modes, in the calculation were involved 
67 harmonic fragments: 9 fragments in the first row, 13 fragments in the second row, 23 fragments in 
the third row and 22 fragments in the fourth row. The size of the problem was equivalent to the one for 
the calculation in the time domain with 94 million grid cells. 

In spite of the large number of variables the calculation converged quite fast. It took approximately 
10000 steps for satisfactory and 20000 steps for fine convergence.  The results of the calculations will 
be discussed in the next section. 
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4.3 Calculation in the Time Domain 
The calculation in the time domain was performed in full annulus setup. The computational grid 

was obtained from the previously described grid for one blade channel. The grid blocks for n-th blade 
channel were generated by duplication of the blocks in the first blade channel and subsequent turn on 
to corresponding angle. The size of the final grid was 135 million cells.  

The calculation was performed with the usage of multirate Runge-Kutta scheme, described earlier. 
The number of time steps for one period of rotation was 25250. There were at least 170 steps per period 
for any of disturbance among those which were resolved in the framework of the frequency domain 
method. This gave significant reserve in time resolution for the calculation. 

It took approximately one and the half periods of rotation for a solution to converge. In fig. 3 are 
shown the results of calculation as the instantaneous fields of static pressure (pulsations over steady 
flow field) on the sections of constant diameter d=0.5D, where D is the diameter of the fan. We see 
quite complex structure of the flow field.  

The accumulation of data for modal analyses was started when the solutions had converged (and it 
took whole period of rotation). The surface, on which modal analysis was performed, is shown in fig.  2 
by red curve. The results of the modal analysis in the form of sound power levels of separate 
circumferential modes are shown in fig. 4. The modes are designated by the pair of integers (h,m), 
where h is the number of harmonic of shaft rotation frequency and m – circumferential order. The 
modes which power levels are lower than those of the strongest modes on more than 15 dB are not 
shown. Also only the modes with frequency less or equal to 122 harmonic of shaft rotation frequency 
are shown in fig. 4, as the grid had insufficient resolution for the modes with higher frequency.  

The results of the calculation in the frequency domain are also plotted in fig.  4. We see that both 
calculations predict the same set of the strongest modes, and the sound power levels of the modes, 
obtained in the different calculations are close to each other. 

 

 

Figure 3. – Unsteady pulsations of static pressure field on the section of constant diameter d=0.5D 
 

 
Figure 4. – Results of the modal analysis upstream of the fan. The modes are designated by the pair of 

integers (h,m). 
In general the calculation in the time domain took much more time than the calculation in the 
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frequency domain. One time step in the frequency domain calculation is 4 times shorter than in the 
time domain calculation, and also the number of time steps needed for the calculation is smaller.   

The results of modal analysis were used to set sources for noise propagation problem in t he inlet. 
The method of calculation and the geometry of the computational domain are completely equivalent to 
those described in the paper [5]. For the calculation of noise propagations we used linearized Euler 
equations for circumferential modes in the frequency domain, specified on the longitudinal section of 
the inlet [8]. As a result the flow fields for each of the modes, presented in fig. 4 in the near field of the 
inlet were obtained.  

To compute tone noise radiation in the far field Ffowcs Williams and Hawkings method was used. 
Finally pressure pulsations were calculated in the points placed along the arc with radius equal to 4  m 
with the center in the point of intersection between the surface, containing tips of the leading edges of 
fan rotor blades, and the axis of shaft rotation. The points had uniform angular distribution within 1 -90 
degrees with 1 degrees spacing.  

5. THE COMPARISON WITH EXPERIMENTAL DATA 
The results of calculations were compared with the results of the experiment for the fan model in 

the CIAM test rig C-3A. Comparison was performed for 12 microphones placed at the same distance 
from the fan, as in the computation. As an initial data for comparison we used narrowband spectra for 
these microphones obtained in the experiment. The frequency bands of the spectra were equal to 19.5 
Hz. On the basis of these spectra the directivity diagrams for the harmonics of tone noise under 
consideration were calculated. 

The results of comparison are presented in the fig. 5. In the figure the directivity diagrams for both 
the time domain and the frequency domain calculations and the experimental data for frequencies f 2-f1, 
f2, f2+f1 and f2+2f1 are shown. In general we see good correspondence between the calculations and 
between them and the experiment. 

 

  

  
Figure 5. – Comparison between computational and experimental directivity diagrams in a forward 

hemisphere  
 

6. CONCLUSIONS 
The results of the numerical investigation of the first booster stage tone noise at approach 
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operational conditions are presented. The investigation was performed using the time domain method 
of calculation, based on multirate Runge-Kutta scheme. The method was developed in CIAM and 
implemented in CIAM 3DAS solver. The results were compared with the results of the frequency 
domain calculations of the tone noise of the stage and also with the experimental data obtained in the 
CIAM C-3A acoustic test facility.     

In general the results of the calculations in the time and in the frequency domains are close to each 
other. Both the powers of different circumferential modes in the inlet and the directivity diagrams in 
the far field are similar. Especially close results are observed for the directivity diagrams 
corresponding to the blade passing frequency of the first stage rotor. Also for both calculations there is 
satisfactory correspondence with experiment. The results can be treated as a strong argument for the 
validity of the frequency domain method of the multistage turbomachinery tone noise calculations 
which was presented in our previous works.  
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Quality assurance methods demonstrated with the calculation of 
sound propagation with ISO 9613-2 and with CNOSSOS-EU  
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ABSTRACT 
Many methods have been developed and where even implemented in legally binding rules how sound 
propagation shall be calculated to support the minimization of environmental noise. Especially in the case of 
such legal requirements it is necessary to ensure that the agreed algorithms are applied in the same way by 
all experts independent from the software tool they use. With the series of the International Standard ISO 
17534 we created a framework to ensure this necessary precision. One of the main pillar of the strategy is to 
clarify all ambiguous definitions and to close the gaps that will cause different results if programmed by 
different software developers. With standard ISO 9613-2 examples are shown where even existing definitions 
had to be modified. It can be stated that all calculation methods have their shortcomings that can only be 
detected if the method is realized in software and then practically applied. The same is true with the 
harmonized European calculation method – here abbreviated as “CNOSSOS-EU”. Examples are shown 
where it was necessary to modify and clarify some definitions before it was possible to create test cases to 
check the correct implementation of the method.  
With this work on about 30 Test Cases for ISO 9613-2 and for CNOSSOS-EU we learned a lot about the 
optimal strategy if a new method shall be implemented or an existing method shall be improved. Some 
recommendations for future projects of that type will be given. 
 
Keywords: Sound propagation, Prediction, Quality assurance 

1. INTRODUCTION 
In the past two decades a lot of effort was made to improve the accuracy of calculation models of 

the “engineering type” for sound propagation. With all these engineering models like ISO 9613-2:1996 
[1], Harmonoise Engineering Model [2], or NMPB:2008 [3] the sound waves swapping over the 
ground with all the objects above like vegetation, buildings and walls are replaced by some 
geometrically exact defined ray paths. Many approximations are necessary to ensure an acceptable 
accuracy – in this context accuracy means the agreement between calculated and measured sound 
pressure levels – but to keep the methods simple enough to support the necessary precision – this 
means that different experts applying the method shall get the same results for a given problem. These 
two aspects are concurrent and we will never succeed to find the universal and final calculation 
method. A severe problem is that the different physical phenomena like ground influence, attenuation 
by vegetation, screening and meteorological influences are not independent but are treated in the 
calculations as if they were. At the end, all these developments are a balancing act between the detailed 
mathematical description of obviously relevant physical phenomena, on the one hand, and the 
practical application in complex environments of the real world with many unknown 
interdependencies and therefore necessary approximations, on the other hand. An example is the 
inclusion of meteorology in engineering calculation models: While the calculation method ISO 9613-
2 is based on a single meteorological condition favorable to propagation it was a large step driven by 
the European activities to include vertical temperature profiles and wind speeds in the Harmonoise 
Engineering Model [4]. Taking into account the above mentioned balance it was finally decided to use 
the calculation method NMPB:2008 as the Common European calculation method for noise mapping 
under the acronym CNOSSOS-EU. This acronym is in the following applied as shortcut for the legally 
binding text describing the calculation of sound propagation in the European directive 2015/996/EU 
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[5]. 
With the International Standard ISO 17534-1 [6] measures to ensure the necessary correctness if 

these methods are implemented in software where defined and decided. Part 1 of this Standard defines 
the general frame, Part 2 is a sort of library for Test Cases and for each calculation method one of the 
following parts published as Technical Reports contains the method specific measures.  

The main core of such a method specific documentation for quality assurance is a set of additional 
specifications that are necessary to clarify open issues and – in some cases – to modify existing 
definitions from the official publication that have proven to be faulty and further a set of test cases 
with detailed step by step and final results. 

The first step made in 2015 was the Quality Assurance of the calculation method ISO 9613-2:1996. 
The method is applied worldwide and it was necessary to correct some algorithms and procedures that 
were obviously not designed to be implemented with nowadays available computer-power. These last 
four years the main software-platforms applied ISO 9613-2 in connection with these “Additional 
Recommendations” of ISO/TR 17534-3 [7] and it can be stated that this strategy improved the 
communication between all experts engaged in software development and implementation. 

Based on this positive experience the next step was to start a similar project related to the Quality 
Assurance of CNOSSOS-EU:2015. The method is by far more complicated than ISO 9613-2 and many 
additional specifications and clarifications were necessary to ensure the unambiguous interpretation 
of the official text in the European Directive. During the work on this planned Part 4 of ISO 17534 in 
Working Group 56 of ISO TC43 SC1 some implausible results were detected in the calculation of 
multiple diffraction with favorable propagation conditions. It was a lucky coincidence that the work 
for Quality Assurance was not finished that time so that an improvement could be developed – 
published in [8] - and integrated as an additional specification. A special Test Case was constructed 
to check the correct implementation of this new strategy in different software applications. 

 

2. QUALITY ASSURANCE WITH ISO 17534 – A POWERFUL FRAMEWORK FOR 
SOFTWARE-IMPLEMENTED CALCULATION METHODS 
 

One of the main targets of quality assurance in the implementation of calculation methods in 
software is to ensure identical or with an acceptable frame of uncertainty comparable results. 
Consultants or other noise experts applying one of the commercially available software-packages must 
rely on the correct implementation even if they are not able to check this in each individual case 
themselves. Checking the correctness of an implementation is easier with clear and consistent 
calculation procedures, but on the other side there is a tendency to include more and more acoustically 
relevant phenomena and thus to make calculation strategies more complex.  

The drafts of ISO 17534 – series try to solve this balancing act by introducing adequate measures. 
The structure of this series is shown in figure 1 – it takes into account that there is one group of basic 
and generally prevailing measures and another group of method specific actions. 

The core standard is ISO 17534-1. It describes 6 blocks of actions that set up requirements for 
calculation methods that shall be implementable quality assured and for the software package as a 
platform where even more calculation methods can be offered alternatively. 

 
Figure 1: The structure of the series ISO 17534 
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For each calculation method that shall be included in that framework of quality assurance an own 
Technical Report is foreseen. As a first example the Technical Report ISO 17534–3 was drafted for 
the calculation method ISO 9613 -2. It is required for a method specific Technical report to identify 
clearly and unambiguously the official documentation, even if the relevant algorithms and strategies 
are spread over more publications. Secondly the Technical Report may contain “Additional 
recommendations” being a decided supplement if the method according to the official documentation 
is not complete or ambiguous in some aspects. Such additional specifications may also be necessary 
if open and undefined issues require all software developers to find an own solution – in such cases 
the working group decides for a common solution as long as there is not a responsible standardization 
group taking this action. Summing up the Additional recommendations are preliminary advices to 
ensure the necessary precision (same results with the same test case) and finally to make a calculation 
method fit to be quality-assured despite these undefined parts. A further important part of the method 
specific Technical Report is a suite of test cases with step by step and final results. With these results 
an interval with acceptable deviations to rank the calculated values as correct is given. It shall only 
be mentioned that these test cases shall be as simple as possible to facilitate the necessary checks and 
only as complex as necessary to prove the correct calculation of the algorithms under test. There is 
also a form to be applied by the software developer to declare conformity. Finally the data exchange 
by a common format may need some method specific supplements – these are also included in the 
method specific Technical Report. 

 

3. DIFFRACTED SOUND – THE APPROACH WITH ISO/TR 17534-3 

3.1 Clarifications to improve the software application of ISO 9613-2 
A typical example for necessary improvements of an existing standardized procedure in the frame 

of quality assurance with the framework of ISO 17534 is the calculation of screening with ISO 9613-
2. Due to this standard the barrier attenuation Dz is a function of z, where z is the difference between 
the pathlengths of diffracted and direct sound. It is calculated in case of a single barrier with 

 
𝑧𝑧 = [(𝑑𝑑𝑠𝑠𝑠𝑠 + 𝑑𝑑𝑠𝑠𝑠𝑠)2 + 𝑎𝑎2]1 2 � − 𝑑𝑑    (1) 

 
and in case of double diffraction with 
 

𝑧𝑧 = [(𝑑𝑑𝑠𝑠𝑠𝑠 + 𝑑𝑑𝑠𝑠𝑠𝑠 + 𝑒𝑒)2 + 𝑎𝑎2]1 2 � − 𝑑𝑑   (2) 
 
where dss is the distance from the source to the first diffraction edge, dsr the distance from the 

second diffraction edge to the receiver, a the component distance parallel to the barrier edge between 
source and receiver and e the distance between the two diffraction edges in the case of double 
diffraction.  

With more than two barriers it is recommended to apply the last equation choosing the two most 
effective barriers. 

 
With software implementations of ISO 9613-2 many problems arose due to ambiguities of these 

definitions. Equation (1) can be derived from the principle that the shortest path source-barrier edge-
receiver is relevant, but equation (2) makes only sense if the two edges of a double barrier are parallel. 
With software applications with many objects like buildings and barriers this condition is an extremely 
seldom case and therefore it makes no sense to implement it. 

 
This problem was solved by defining a more general procedure to find the propagation paths that 

are regarded as representative as it is shown in Figure 2 for the propagation from a source S (red) to 
a receiver R (green). One path crossing the objects blocking the direct line S-R is the shortest “ribbon-
band-line” in a vertical plane containing S and R and up to two further paths are the shortest convex 
polygon lines in a lateral plane that includes also S and R and is perpendicular to the first plane.  
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Figure 2: Construction of the shortest paths from source to receiver in a vertical plane (blue) and 

a lateral plane (yellow) 
 

3.2 Test cases to check the correct implementation 
In ISO/TR 17534-3 a set of 19 Test Cases is included with about 68 tables with step-by-step and 

final results. The Test Cases are constructed to cover all the important algorithms and to check their 
correct implementation following the principle: as simple as possible and only as complicated as 
necessary. An example is the Test case shown in Figure 3 that was constructed  to check the 
calculation of diffraction over top and laterally for a short barrier where the properties of the ground 
varies along the propagation path. 

 

 
Figure 3: Short barrier with varying heights and acoustic properties of the ground 

 
Another example where more objects like buildings are blocking the line of sight is shown with 

Figure 4. The aim of this Test Case is to include the construction of paths representing the laterally 
diffracted sound in more complicated scenarios.   

 

 
Figure 4: Three building blocking the direct line of sight between source and receiver 

 
A further important part of this framework of quality assurance are the conformity sheets where 

the developer of the software product under test declares that all the relevant parts of the official 
documentation and the additional specifications are correctly included and that the results for all test 
cases can be reproduced in the defined intervals. 

 

4. QUALITY ASSURANCE FOR THE IMPLEMENTATION OF CNOSSOS-EU 

4.1 Problems encountered and proposed solution 
The calculation method for sound propagation CNOSSOS-EU is based on the French method 

NMPB 2008. As described in the introduction above, the calculation method showed some strange 
and not plausible results when it was applied in Noise-Mapping-Projects. From experts in the 
Netherlands it was reported that screening by objects like buildings and embankments may be strongly 
underestimated in special cases with favorable propagation conditions and therefore noise levels in 
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urban areas can be overestimated by 5 to 10 dB 
The reason for these not plausible results is the method how the diffracted ray paths are constructed. 

Figure 5 – scenario 1 with source S (height 3 m), receiver R (height 5 m) in a distance of roughly 1 
km and barrier B with a height of 10 m - shows in the upper part the well-known ribbon-band-
construction related to homogeneous propagation conditions to find the difference between the 
pathlengths of diffracted and direct sound and from that the resulting barrier attenuation.  

 

 
Figure 5: The direct ray path (dash-dot) and the diffracted ray over top of the barrier for both 

propagation conditions as defined with CNOSSOS-EU:2015 (scenario 1) 
 
With favorable propagation conditions the straight lines from homogeneous conditions are replaced 

by arcs with a radius Rcurv that is a function of the distance between source and receiver. 
The attenuations due to diffraction calculated with CNOSSOS-EU:2015 are shown in the columns 

with header “scenario 1” in Table 1.The attenuations are smaller with favorable compared to 
homogeneous conditions in agreement with expectation. 

 
Table 1: Attenuation due to diffraction for all scenarios and for both propagation conditions 

 

 
 

With scenario 2 shown in Figure 6 the barriers B1 – B6 with heights between 6 m and 12 m are 
inserted. The detailed coordinates are not reported here – they can be taken from the original 
publication [8]. 

favorable

S B R

S B R

homogeneous

Frequency Attenuation due to pure diffraction Δdiff dB calculated with
Hz CNOSSOS-EU:2015 proposed modification

scenario 1 scenario 2 scenario 3 scenario 2 scenario 3
hom fav hom fav hom fav hom fav hom fav

63 6.9 6.5 6.3 0.0 9.6 3.8 6.3 3.7 9.6 6.5
125 8.2 7.8 7.5 0.0 11.8 2.6 7.5 2.4 11.8 7.8
250 10.1 9.5 9.2 0.0 14.3 0.0 9.2 0.0 14.3 9.5
500 12.5 11.7 11.3 0.0 17.1 0.0 11.3 0.0 17.1 11.7
1000 15.1 14.3 13.8 0.0 20.0 0.0 13.8 0.0 20.0 14.3
2000 17.9 17.0 16.5 0.0 22.9 0.0 16.5 0.0 22.9 17.0
4000 20.8 19.9 19.4 0.0 25.9 0.0 19.4 0.0 25.9 19.9
8000 23.8 22.9 22.3 0.0 28.9 0.0 22.3 0.0 28.9 22.9
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Figure 6: Scenario 2 with barriers B1 – B6 and relevant ray paths in agreement with the 

definition in CNOSSOS-EU:2015 
 
The upper part in figure 5 (homogeneous conditions) defines on basis of the ribbon-band-

construction the relevant diffraction edges B2, B3 and B5 and in the lower part (favorable conditions) 
these same edges are connected with arcs. As it is shown in the columns with the header “scenario 2” 
in Table 1, no attenuation due to diffraction is calculated for this case and the curved direct ray is 
assumed to propagate undisturbed by the barriers. 

Now a scenario 3 is created combining scenarios 1 and 2 as it is shown in Figure 7. 
 

 
Figure 7: Scenario 3 with all barriers of scenario 1 and scenario 2 combined 

 
The attenuations with this scenario 3 calculated for favorable conditions with CNOSSOS-EU:2015 

are with exception of the lowest two frequency bands 0 dB, as it is shown in Table 1. This means that 
the high attenuations of barrier B in scenario 1 are reduced to 0 dB if the barriers B1 – B6 are inserted 
additionally – a result not plausible and not in agreement with expectation even taking into account 
the approximation of the sound wave by geometrically defined ray-paths.   

 
The reason for this unexpected result is the strategy to regard the same barrier edges as relevant 

under favorable conditions as they were found for homogeneous conditions applying the ribbon-band-
method. The proposed and tested solution is to construct the path for favorable conditions completely 
analogous as for homogeneous conditions as a convex envelope but with arcs instead of straight lines. 
Connecting source S with all barrier edges and the receiver R the first diffracting edge is defined by 
the maximal gradient of the arc at source S – if this gradient is the largest for the arc from source S to 
the receiver R the curved direct ray is not blocked. In case a barrier edge is found that way this is 
taken as the starting point for the next arc and this is repeated till the receiver R is reached. 

 

favourable

S B1 B2 B3 B4 B5 B6 R

S B1 B2 B3 B4 B5 B6 R

homogeneous

favorable

S B B1 B2 B3 B4 B5 B6 R

S B B1 B2 B3 B4 B5 B6 R

homogeneous
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Figure 8: Ray paths for scenario 2 (favorable) calculated with the proposed method 

 
Figure 9: Ray paths for scenario 3 (favorable) calculated with the proposed method 

 
Applying this proposed solution we get for scenario 2 under favorable conditions the ray path 

shown in Figure 8 and for scenario 3 the ray path shown in Figure 9. The attenuations calculated on 
the basis of the proposed strategy shown in the last 4 columns of Table 4 are now in agreement with 
our expectation taking into account the behavior of sound waves in a downward refracting atmosphere. 

4.2 Test cases to check the correct implementation of CNOSSOS-EU 
The above described modification is only one aspect that had to be taken into account in the 

preparation of a draft for a new ISO/TR 17534-4 related to Quality assurance of CNOSSOS-EU. Some 
other additional specifications were necessary to make the official text unambiguous and precise for 
the implementation in different software platforms. 

The set of 19 Test Cases developed with ISO/TR 17534-3 (related to ISO 9613-2) was extended 
and now this complete set contains 28 cases. 

 

 
Figure 10: Test Case with 8 buildings and calculation-rays for homogeneous conditions 

 

 
Figure 11: Test Case with 8 buildings and calculation-rays for favourable conditions 

 
Figures 10 and 11 show the last Test Case No. 28 constructed so that the “correct” calculation of 

the ray paths can be checked – correct in the sense that the above explained solution is assumed to be 
integrated in a revised version of CNOSSOS-EU. 

 
At the time this paper is written a working draft of the planned ISO/TR 17534-4 is just finalized 

by ISO TC43 SC1 WG 56. Therefore all the above is only a report from ongoing work and far from 
being decided and accepted. But it was the aim to give an impression of the many activities that are 
necessary to reach the target – a calculation method unambiguously defined and described that can be 
implemented in different software platforms and used by different experts even in different countries 

favorable

S B1 B2 B3 B4 B5 B6 R

favorable

S B B1 B2 B3 B4 B5 B6 R
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with the intended high precision.  

5. FINAL REMARKS 
The authors experience from these and other cases where it was tried to integrate more physics in 

the algorithmic scheme of calculation methods that shall be applied even in legally controlled areas 
to prevent people from unwanted and not acceptable effects is a clear dominance of precision over the 
aspects of accuracy. We should accept that these methods applied are – and must be – relatively crude 
approximations. In the case of environmental noise we want to predict the sound caused by complex 
sources like industrial facilities, propagating in an atmosphere with timely varying temperature 
profiles roughly simulated by the applied algorithms and over vegetated and/or built up and often 
complex shaped ground surfaces. We must accept that the methods of geometrical acoustics applied 
need a thorough balancing of all the effects influencing the accuracy of the final result. What we need 
is a robust and transparent engineering method where thousands of consultants applying them have a 
chance to make plausibility controls and to check the reason for unexpected results.  
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Abstract
Urban noise maps are usually computed by noise software which couples emission and attenuation rules like
CNOSSOS. These models can require several hours to produce a map over a city for a single set of input
data. This computational cost makes the models unusable for applications like uncertainty quantification where
hundreds of simulations may be required. One solution is to replace the physical model with a meta-model
which is extremely fast and yet fairly reproduces the results of the physical model. The strategy is first to reduce
the dimension of both inputs and outputs of the physical model, which leads to a reduced model. This reduced
model is then replaced by a statistical emulator. The emulator is trained with calls to the reduced model for a
set of chosen inputs. The emulator relies on interpolation between the training output values. We applied this
approach to the NoiseModelling software over the city of Lorient (France), using Kriging at the emulation step.
It required a training set of 2000 calls to the physical model, but then the meta-model is 25000 times faster than
the physical model, while preserving the main behavior of the physical model, with 1.58 dB of mean quadratic
error.
Keywords: Noise maps, Computing

INTRODUCTION
Noise pollution is associated with multiple psychological and physical disorders such as sleep disturbance, ner-
vousness, cognitive impairment or hypertension, and is a major challenge to tackle for urban areas. While the
World Health Organization (WHO) recommends, in its guideline, an outdoor night value of 40 dB(A) [4], 8
million European adults suffer sleep disturbance due to environmental noise [2].
The European Noise Directive (END) 2002/49/EC [1] defines a common approach for European cities intended
to avoid, prevent or reduce the harmful effects of noise. In particular, European cities with more than 100000
inhabitants are required to produce noise maps at least every 5-year term. These maps should present the distri-
bution of a given indicator over the studied area, in such a way that the exposure of dwellers to environmental
noise can be estimated.
A regulatory noise map is a 2D representation of the equivalent average noise level field over an urban area.
In software such as NoiseModelling [3], the noise propagation algorithm used for the generation of the noise
level field is based on a path finding algorithm which computes the wave amplitude attenuation along the
acoustic path between the sources and the receptors, taking into account the reflections and the diffractions.
The attenuation rules obey the European standard CNOSSOS [5] which has become the reference since the
application of the directive 2002/49/EC in 2015. When this method is applied at a city level, the high number
of sources and receptors makes this method computationally expensive. It is not adapted to the generation of
hourly or even daily noise maps. The computation time would exceed the time step. An annually averaged
equivalent noise level field which relies on annual traffic and weather data is usually represented in standard
noise maps.
Recent works [9] have tried to enrich noise maps with data from sensor networks. Yet they have been con-
fronted to a computation time limitation. Also, too much computation time leads to the intractability of large
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Monte Carlo simulations and prevents us to apply advanced methods for uncertainty quantification, data assim-
ilation, inverse modeling or network design which can require tens of thousands of calls to the model.
The objective of this paper is to circumvent this limitation by building a meta-model that reproduces the main
features of the noise map simulator and requires negligible computational resources. This work relies on previ-
ous studies that have been done for urban air quality models [6]. In this paper, we explain the construction of
a meta-model based on dimension reduction and interpolation methods applied to each projection on the basis
of the reduced output space. The interpolation method we selected in this paper is the Kriging interpolation, it
is trained by a Latin Hypercube Sampling (LHS) in the input space and their corresponding simulations at the
sample points. Explanations about the reduction and emulation strategy are provided in section 2. In section 3,
the case study is described. The meta-model is generated for an area of the city of Lorient (France) using the
mean traffic data (speed and flow rate) over a year. The performance of the dimension reduction and emulation
are analyzed in dB. The paper concludes on how the meta-model opens the way to several applications.

REDUCTION AND EMULATION OF THE NOISE MAP SIMULATOR
2.1 Description of the framework
Noise mapping simulators use a large amount of input data: flow rate and mean speed in road sections, buildings
distribution, general topography, weather data, ground and building absorption and the receptors grid.
Statistical emulation is usually applied to models with a relatively small number of inputs. If we consider each
building and road section separately, the Noisemodelling simulator has hundreds of inputs. A common way to
reduce the large dimension of input data into a low dimension vector p = (p1 . . . pk)

T ∈ Rk of k parameters
is to apply multiplicative coefficients to given input sets. For instance, p1 can be the multiplicative coefficient
applied to the yearly averaged traffic data in all roads of the study area, so that we can change the total traffic
by changing p1—but we cannot change the traffic in a single specific road. We can define through p all the
inputs that we want to vary, e.g., all uncertain inputs if we carry out uncertainty quantification. See section 3.3
for the list of parameters pi that we considered in our case.
Let xb ∈ Rn be the output of our model, i.e., the noise levels at the n receptors. Then, we mathematically
describe the simulator M as a multivariate function

M : Rk → Rn

p 7→ xb = M (p) (1)

It takes several hours to get M (p) from p. Assume we need to compute a large amount of simulations by
varying p in I ⊂ Rk. The meta-modeling strategy is to call the model for a restricted amount of inputs S ={

p(1), . . . , p(r)
}
⊂ I which are optimally distributed in I. With S and

{
xb(1) = M (p(1)), . . . , xb(r) = M (p(r))

}
⊂

Rn, we try to learn the dependency between the inputs and the outputs, which is translated in a meta-model M̂
which is computationally cheap and has an acceptable performance loss compared to the original simulator:

∀p ∈ I, M̂ (p) = x̂b ' xb (2)

2.2 Dimension Reduction
Before the emulation step, which applies to scalar functions, we need to represent the model outputs into a few
scalars to be emulated. Indeed, a direct application of the emulation to the simulator output would imply to
design an emulator for each receptor. With tens of thousands of receptors, the overall computation time would
be too high. The strategy is to project xb onto a subspace spanned by a reduced basis (ΨΨΨi)i∈J1,dK with d� n.

If ΨΨΨ = [ΨΨΨ1, . . . ,ΨΨΨd ] ∈ Rn×d and x̄b =
1
r

r
∑

i=1
xb(i), we would expect that

xb ' x̄b +ΨΨΨΨΨΨ
T (xb− x̄b) (3)
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Since x̄b and ΨΨΨ are known, one would only have to generate d emulators for ΨΨΨ
T M (p) ∈ Rd instead of n

emulators for M (p) ∈ Rn.
The reduced basis is chosen so as to represent the variability of the noise level field. It is computed with the
training set X = [xb(1), . . . ,xb(r)] obtained with the LHS strategy, and it is determined by a principal component
analysis (PCA). The components are sorted so that the i-th component accounts for the i-th largest variability
λi of the data. The total quadratic error of the approximations of the training set is

r

∑
h=1
‖xb(h)− x̄b−

d

∑
j=1

((xb(h)− x̄b)T
ΨΨΨ j)ΨΨΨ j‖2 =

n

∑
`=d+1

λ` (4)

(xb(h)− x̄b)T ΨΨΨ j is the projection of xb− x̄b in the direction ΨΨΨ j.

If we call X̄ the centered training set X̄ = [xb(1)− x̄b, . . . ,xb(r)− x̄b] then for any ` ∈ J1,nK, the variability of
the `-th components satisfies X̄X̄T ΨΨΨ` = λ`ΨΨΨ`. As we will see in the case study, we can get a high explained
variance, like 97%, with only a few vectors in the reduced basis (about five).

2.3 Emulation
For any p ∈ I, we wish to emulate ΨΨΨ

T M (p) ∈ Rd . We denote αi = ΨΨΨ
T
i M (p) ∈ R, and α̂i its emulator which

should satisfy ∀p ∈ I, α̂i(p)' αi(p). If we denote α̂αα = (α̂1, . . . , α̂d) then

∀p ∈ I, α̂αα(p)'ΨΨΨ
T M (p) (5)

2.3.1 Kriging
The Kriging emulator is a statistical interpolator which assumes that αi is a centered stationary stochastic pro-
cess, follows a Gaussian distribution with a fixed variance σ2

i : ∀p ∈ I, αi(p) ∼N (0,σi), and for any m ∈ N
and (p1, . . . ,pm) ∈ Rk×m, (αi(p1), . . . ,αi(pm)) follows a Gaussian distribution of dimension m.
With these assumptions, it is possible to build a unique estimator [7] with the following properties:

• linear, it is a linear combination of the training data;

• unbiased, the prediction matches the data at the training points;

• optimal, in the sense that it minimizes the variance of the prediction error E
[
(α̂i(p)−αi(p))2

]
.

A key offline computation of the emulator consists in estimating the covariance kernel of the Gaussian process.
We assume the second-order stationarity of the Gaussian process, which implies the covariance between two
points only depends of the distance separating them. In addition, for computing considerations, we choose a
separable kernel, i.e., a tensor product of k univariate functions, each depending on only one parameter. Fi-
nally, for regularity considerations, we choose the so-called Matern 5/2 kernel φ(r,θ) which is a good trade-off
between the rough exponentially decreasing covariance function and the smooth Gaussian covariance function.
This choice is compatible with the assumption that the process is one time differentiable.
The covariance kernel has the following form

∀(p1,p2) ∈ I2, Cov(αi(p1),αi(p2)) =
k

∏
i=1

φ(|p1i − p2i |,θi) (6)

The covariance kernel is differentiable with respect to θ , hence it is possible to infer θopt under the maximum
likelihood estimation with a gradient descent algorithm.
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2.4 Complete Meta-Model
Finally, the complete meta-model reads

x̂b = M̂ (p) = x̄b +ΨΨΨ(α̂αα(p)−ΨΨΨ
T x̄b) (7)

The meta-model now has the same outputs as NoiseModelling. Its performance can be compared with Noise-
Modelling itself or with the physical measurements after interpolation at the observed locations.
Since x̄b and ΨΨΨΨΨΨ

T x̄b are fixed and already known, a call to M̂ for a new set of parameters p, only implies
the computation of α̂αα(p), which consists in computing the covariance vector

(
Cov

(
αi(p),αi(p( j))

))
j∈J1,rK

∈Rr

and a sequence of matrix multiplications of a rather cheap computational cost.

META-MODELING OF NOISEMODELLING APPLIED TO LORIENT (FRANCE)
3.1 NoiseModelling
NoiseModelling1 [3] is an open source software designed to produce noise maps for evaluating the noise impact
on urban mobility plans. It is implemented in a GIS software (OrbisGIS2) and uses traffic, topographic and
meteorological data to generate noise maps. The noise calculation method implemented within NoiseModelling
is based on the standard European method CNOSSOS, as a reference method to be used under the Directive
2002/49/EC relating to the assessment and management of environmental noise [5]. In the version used for this
paper, the noise calculation method implemented is a slightly simplified version of the standard.
The noise level field is represented by receptors organized as a regular grid in our study. NoiseModelling
follows the rules defined by CNOSSOS to compute the noise map.

3.2 Case study
The CENSE project is an interdisciplinary project funded by the French research national agency (ANR) and
aims to characterize urban landscapes combining numerical predictions and local observations. The city of
Lorient has been chosen to conduct the experiment, and a network of noise sensors will be deployed across the
city. The need for a flexible model is crucial to check the compatibility of the observations with the simulation,
hence a meta-model is an adequate tool for this project.
The receptors grid is a regular grid with a space step of 10 m where we removed the points inside the buildings.
They are located 4 m above the ground, which is approximately the height of the physical sensors (with some
variations though). The total number of receptors is 9780.
The traffic inputs are derived from the annual average traffic data gathered by the CEREMA and the city of
Lorient traffic department, the French national study center for territory development, for the year 2016. Soil,
topography and buildings data come from the IGN3, the French national geographical institute and the city of
Lorient.

3.3 Input parameters
Table 1 shows the list of the k = 12 coefficients p, split into two types of parameters, condition parameters and
uncertainty parameters.

3.4 Sampling
Since the dimension of the input space is relatively large (k = 12), a regular grid to sample I would include too
many points. For instance, a grid with 10 discretization points in each direction would require 1012 simulations,

1See http://noise-planet.org/noisemodelling.html
2See http://orbisgis.org/
3See http://professionnels.ign.fr/
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Table 1. Input parameters and their input range for the meta-model. They are all dimensionless multiplicative
coefficients applied to the reference values, except the altitude variation which is an additive value, and the
temperature and absorption/reflection coefficient which are the actual values.

Parameter Minimum value Maximum value
Condition parameters
Light vehicle speed 0 2
Heavy vehicle speed 0 2
Light vehicle flow 0 2
Heavy vehicle flow 0 2
Temperature (◦C) -5 30
Uncertainty parameters
Buildings height 0.5 1.6
Receptors height 0.5 1.6
Slope amplitude 0.9 1.2
Distance to junction 0.9 1.2
Wall absorption coefficient -0.2 0.2
Ground absorption – G value 0 0.7
Altitude variation (m) -0.5 0.5

which is computationally intractable. Instead, we make use of a Latin hypercube sampling (LHS) which allows
to explore I with a fairly low number of points. The parameters boundaries are slightly enlarged so that the
effective boundaries of the input space lives within the interior of the LHS.
In order to evaluate the meta-model performance, we picked a testing sample whose points are chosen to be
the farthest from the initial LHS points. The size of the testing sample is 90.

RESULTS
4.1 Dimension reduction
We applied the principal component analysis to a training set which is a Latin hypercube sampling of size
2000. With 4 principal components, the remaining unexplained variance goes below 3 %. Table 2 displays the
RMSE of the projection against the real simulation under the number of selected principal components. The
RMSE decreases fast with the first vectors, and slowly goes to zero as we increase the number of principal
components.

Table 2. Scores of the projection against the size of the basis. The simulation is compared to its projection on
the testing sample, at all the receptors

Basis size 3 4 12 20 50 100
RMSE (dB) 2.54 2.43 2.01 1.17 0.91 0.81
NRMSE (%) 4.20 4.01 3.31 1.94 1.50 1.33

4.2 Comparison of the meta-model with the direct model
The Kriging emulator has been generated with the R package Dicekriging 1.5.5 [8]. The evaluation part consists
in comparing the meta-model outputs with the actual outputs of the NoiseModelling simulator, and in observing
the performance with the scores described in table 3.
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Table 3. Scores for the performance evaluation of a model. (ci)i is the simulated sequence. (oi)i is the
corresponding observed sequence. n is the total number of elements in the sequence. c̄ and ō are respectively
the mean of (ci)i and (oi)i

Score Formula

Bias
1
n

n

∑
i=1

(ci−oi)

Correlation
∑

n
i=1(ci− c̄)(oi− ō)√

∑
n
i=1(ci− c̄)2

√
∑

n
i=1(oi− ō)2

Root mean square error (RMSE)

√
1
n

n

∑
i=1

(ci−oi)
2

Normalized mean square error (NRMSE)
RMSE

ō

The objective is to show the spatial distribution of the scores in order to observe what spatial organization
influences the loss of performance, and then to see the distribution of the scores, which is the most intuitive
way to check the validity of the meta-model.

4.2.1 Spatialized scores
Figure 1 shows the spatial repartition of the bias, correlation and RMSE scores for all the receptors of the study.
The results show that the meta-models perform best in area with low buildings density where the influence of
reflections and diffractions is lower. The value of the noise sources has little impact on the performance.

(a) Spatialized Bias (dB) (b) Spatialized Correlation (dimensionless) (c) Spatialized RMSE (dB)

Figure 1. Maps of bias, correlation and RMSE between the Kriging meta-model results and the complete
simulation.
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4.2.2 Scores distribution and local evolution
The scores distribution, over all the simulations of the testing sample, is shown in figure 2. It reflects the
distribution of bias, correlation and RMSE over the parameters space. We see on the bias histogram (2a) that
the majority of the error is centered around 0 dB and it has a very narrow error variation range. More than
95 % of the simulations have a bias lower than 1 dB, and 93 % of the simulations have a RMSE below 2 dB.
The average RMSE across all simulations is 1.58 dB.

(a) Bias distribution (dB) (b) Correlation distribution (c) RMSE distribution (dB)

Figure 2. Distribution of the scores (per simulation) of the meta-model results compared to the simulation.

4.3 Computational costs : building and applying the meta-model
The 2000 simulations have been fully run in parallel during 3 days on 192 cores. The outputs allowed us to
generate the reduced basis ΨΨΨ and the interpolation parameters for the Kriging emulator. The offline computation
consists in the building of the meta-model. The online time consists in the calls to the meta-model whose
computation time are hugely negligible compared to the offline computation time: 65 ms for each call. A
simulation with NoiseModelling takes 27 min on 3 cores.

CONCLUSIONS
The generation of a NoiseModelling meta-model required 2000 simulations. The meta-model results remain
very close to the results of NoiseModelling with an average RMSE of 2 dB. The computational cost of the
meta-model to generate one noise map is 65 ms, compared to 27 min for NoiseModelling, which corresponds to
a speed-up of 25000.
The two stages of the meta-model, dimension reduction and interpolation, have been carried out with a LHS
training sample. This sample sweeps the whole input space with a limited size, even in high-dimension spaces.
With this training data, we have generated a reduced basis of size 4, which explains 97 % of the variance. We
then emulated the projections of the noise maps on each basis vector. With a training sample of 2000 simula-
tions, we obtained satisfactory results with respect to the bias, correlation and RMSE scores, when comparing
the meta-model with NoiseModelling on a testing sample.
The computation time saving is the main benefit of the meta-model. With an acceptable loss of performance
compared to the original NoiseModelling simulator, we gained an extraordinary amount of computation time.
The loss of performance against observed values from local sensors should be carried out in future work. The
CENSE project will provide these data since a network of sensors will be installed in the area we presented in
this paper.
Several applications can emerge from the meta-model design. Uncertainty quantification is the first that comes
to mind, since it requires a very large amount of calls to the simulator which would be intractable with Noise-
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Modelling. Data assimilation [10] is also a major investigation area where meta-modeling can be used, by
quickly generating a simulation map in real time and correcting it with observations.
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ABSTRACT 

Regulatory noise maps rely on many input data that can be incomplete, erroneous or inexistent. Thus, 

operators have to complete/validate/qualify those data by prioritizing some information sources and 

parameters to the detriment of others. Consequently, the sensitivity of the noise model to such input 

parameters should be determined to focus on the most influential input parameters. For this purpose, a global 

sensitivity analysis is carried out on the CNOSSOS regulatory method, implemented in the open-source 

software NoiseModelling, using the Morris screening method. As part of the ANR CENSE project 

(2016-2020), a global sensitivity analysis is presented on a case study in the city of Lorient in France. This 

paper presents an example of a sensitivity analysis of the CNOSSOS model for 9 of its input parameters on 

426 receivers (30 buildings) in this area. 

 

Keywords: Open-Source, Noise mapping, Sensitivity analysis 

1. INTRODUCTION 

Strong relationships between noise levels and both annoyance and health effects are established (1). 

It is therefore crucial to quantify the noise levels to which populations are exposed. Noise mapping is  

classically used to quantify these exposure levels. In this objective, traffic and geometric data 

collected feed noise emission and propagation models to generate sound maps at district or city scales. 

Then, once crossed with the residential occupations, these sound maps give us access to noise 

exposure (2). 

It is important to use a stable methodology and modelling framework to compare the exposure 

levels of different cities, or the evolution over time of exposure to a given city. Thus the CNOSSOS 

model has been proposed to participate in this harmonization of calculation  methods (3). However, a 

large variability of the calculated exposures may remain due to the model configurations and to the 

accuracy of the different types of input data. In addition, many input data are sometimes difficult to 

obtain or non-existent, requiring calculation assumptions that may influence the accuracy of the 

calculated exposure levels. It is therefore necessary to be able to identify the most influential input 

data and parameters in order to give them priority in the data collection and modelling process.  This 

article presents the framework for a sensitivity analysis performed with the open-source 

NoiseModelling software v3.0 (4). Regarding screening technique, the Morris method is applied by 

making a number r of local changes at different points of the possible range of input values.  

2. METHODOLOGY 

2.1 Morris Method 

The Morris method is widely used for global sensitivity analysis, since it is adapted to models with 

                                                        
1 pierre.aumond@ifsttar.fr 
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quantitative inputs (or parameters) and outputs (5). It is part of the OAT (One At a Time) methods, 

meaning that the process of exploring the definition domain makes the input parameters vary one at a 

time. It can be seen as a statistical analysis of empirical estimates of changes in the output of the model 

with respect to each parameter. In the case of a time-consuming model, or a model with a large number 

of parameters, the method is a simple way to make a first selection among the parameters according to 

their influence. A sufficient number of repetitions are still required to ensure confidence in the results 

obtained. 

Its principle is as follows. The method begins by sampling a set of start values within the defined 

range of possible values for all input parameters, and next by calculating the subsequent model 

outcome. The second step changes the value for one variable (all other inputs remaining at their start 

values) and calculates the resulting change in model outcome compared to the first run. Next, the value 

for another variable is changed (the previous variable is kept at its changed value and all other ones 

kept at their start values) and the resulting change in model outcome compared to the second run is 

calculated. This goes on until all input parameters have been changed. This procedure is repeated r 

times, each time with a different set of start values, which leads to a number of r(k + 1) runs, where k 

is the number of input parameters. Such number of runs is very efficient compared to more demanding 

methods for sensitivity analysis (e.g. exhaustive research among each range values, Monte-Carlo, 

etc.). 

For the sensitivity analysis presented in this paper, the total procedure will be repeated 10 times 

(r=10) for a group of 9 parameters (k=9), resulting in a number of 100 simulations. To ensure that 

space exploration does not favour any area, 300 trajectories have been drawn and only the ten 

trajectories that maximize exploration are retained (6). 

2.2 Framework 

NoiseModelling (formerly NoiseM@p) is a free and open-source tool, integrated in the OrbisGIS 

software, designed to produce environmental noise maps on very large urban areas, with few 

computational resources (4). The CNOSSOS model is implemented for the estimation of road traffic 

emission, as well as for the calculation of its attenuation along propagation paths (3). NoiseModelling 

allows information to be stored at three levels: the noise sources and their sound levels, the geometry 

of the propagation paths and finally the transfer matrix for each of the source/receptor pairs and for a 

given propagation path scheme. This choice was made because the computation time of such a 

software type is essentially concentrated into the calculation of geometric rays. Thus the calculation 

costs of the CNOSSOS model for emission and for propagation are considerably lower once the 

geometry is known and the rays are calculated. To launch a large number of replications of the model, 

the idea is then to store the geometry of the rays. Then it is possible to recalculate several possible 

emission levels for the sources, and several possible attenuations for the sources/receivers couples 

according to the varying parameters. 

Figure 1 presents the technical framework behind the global sensitivity analysis using 

NoiseModelling: A groovy script has been created to interact with Noise Modelling. It also serves as 

an interface with a database (PostgreSQL
2
 or H2

3
). From a configuration file containing the values on 

the input varying parameters, many simulations are performed and the results are stored in compressed 

folders. 

2.3 Study parameters 

When creating a noise map, all the varying input parameters (regarding sound emission and 

propagation) will be considered as variables in the sensitivity analysis. For example, it will be possible 

to observe the influence of a 10% variation in the hourly flow rate of light vehicles and to compare it 

with a 5°C variation in atmosphere temperature. It is also possible to complete the sensitivity analysis 

by varying the parameters related to Source-Receiver geometry, even if the calculation costs then 

increases – because the rays will have to be retraced – but without adding complexity to the process 

and analysis.  

 

                                                        
2
 www.postgresql.org 

3
 www.h2database.com 
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Figure 1 – Sensitivy analysis framework using NoiseModelling 

 

For this first sensitivity study, it is proposed to consider 9 parameters. The road parameters are 

supposed to vary homogeneously across the network. For example, if the vehicle speed increases by 

10%, this is the case for all road segments of the road network. Table 1 shows the parameters, their 

steps and ranges of variation. 

 

Table 1 – Sensitivity analysis parameters, step and range of variation 

Parameter Code Variation Step Parameter Code Variation Step 

Light Vehicle Flow 

Rate (veh./hour) 

Flow_lv [0.8;1.4] 0.1 (*) Humidity (%) Hum [20;80] 20(+) 

Heavy Vehicle Flow 

Rate (veh./hour) 

Flow_hv [0.8;1.4] 0.1 (*) Order of 

Reflection 

Refl [0;1] 1 (+) 

Light Vehicle Speed 

(km/h) 

Speed_lv [0.8;1.4] 0.1 (*) Horizontal 

diffraction 

Dif_h [true/false] - 

Heavy Vehicle Speed 

(km/h) 

Speed_hv [0.8;1.4] 0.1 (*) Vertical 

diffraction 

Dif_v [true/false] - 

Temperature (°C) Temp [5;30] 5 (+)     

 

2.4 Score indicators 

As an output of the analysis, sensitivity to the model's input parameters is observed on two 

quantities: 

- for each receiver, the sound pressure level for day/evening/night periods (Lden) expressed in 

dB(A); 

- the inhabitants ratio exposed to a Lden value superior to 65 dB(A). 

 

The Morris method allows us to access to three indicators: 

- µ is the arithmetic mean of the effect associated with the k-th parameter. In case of an 

independent linear dependency, µ is the change in the output when the k-th parameter changes 

changes by one step (as defined by its range of variation in Table 1), 

- µ* is the mean of the absolute effect associated with the k-th parameter. It is similar to µ but it 

is the average of the absolute differences caused by a change in the k-th parameter. This value 

is interesting to avoid cancelation effects in the average (as it can be the case for a 

non-monotonic function), 

- σ is the standard deviation of the effect associated with the k-th parameter. It tells how much the 

effect of the k-th parameter changes depending on the value of this k-th parameter and the 

values of the other parameters. It gives an indication of the presence of nonl inearities or 

interactions between the k-th parameter and other parameters. 
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2.5 Study Area 

The sensitivity analysis presented in this article is part of the CENSE project (Characterization of 

urban sound environments using a comprehensive approach combining open data, measurements and 

modeling), which includes a noise mapping case study based on both modelling and sensors 

deployment, in the city of Lorient, France (7)
4
. It covers an area of about 1 km², in which 426 receivers 

(30 buildings) were randomly selected in order to serve as a support for this sensitivity analysis. The 

influent input parameters (e.g. built-up characteristics, ground topology, road traffic data, ground 

characteristics, etc.) are a compilation of data collected from CEREMA, IGN and the city of Lorient. 

Figure 2 shows an example of results through the median sound level of the 100 simulations in dB(A), 

where 30 buildings are assessed, representing 318 inhabitants and approximatively 17% of them are 

exposed to Lden levels above 65 dB(A). 

 

Figure 2 – Noise map of the study area computed with NoiseModelling (median sound level of the 100 

simulations). Following this map, the inhabitants ratio exposed to Lden>65 dB(A) is about 17 %. 

3. RESULTS 

3.1 Sensitivity analysis regarding the ratio number of exposed people 

Figure 3 shows the sensitivity analysis of the ratio number of inhabitants exposed to  Lden > 65 

dB(A) levels using the CNOSSOS method for its nine varying input parameters (See section 2.3). 

Results are expressed in percentage of inhabitants exposed to Lden > 65 dB(A). 

                                                        
4
 http://cense.ifsttar.fr/en  
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Figure 3 – Results of the sensitivity analysis for the 9 input parameters with NoiseModelling 

 

The most influential parameters in terms of the number of inhabitants exposed to more than 

65 dB(A) Lden values are the speed and flow of light vehicles parameters and temperature, which can 

lead to an increment of approximatively 1.5% on the affected population, ranging from 15.5% to 

19.5%. These are three parameters that affect noise emission - temperature is an influential parameter 

of the CNOSSOS emission model - and they are therefore particularly influential on noise levels 

around 65 dB(A) because they are often observed at the edge of the roads and therefore with short 

propagation distances. As a result, receivers with Lden values close to 65 dB(A) will switch above or 

below the 65 dB(A) threshold, when these two parameters vary.The range of variation from 0.8 to 1.4 

times the nominal value is then sufficient to vary the number of inhabitants exposed to Lden values 

exceeding 65 dB(A).  

The parameters related to sound propagation have a greater impact on isolated receivers, which 

may or may not be reached by sound rays, depending for example on the fact the reflection or 

diffraction are taken or not into account. As a result, these parameters have little effect on noise levels 

in a range around 65 dB(A), so that the number of exposed persons varies little. 

 

3.2 Sensitivity analysis regarding the sound exposure by receivers 

Figure 4 shows the sensitivity analysis of the Lden sound level using the CNOSSOS model at 3 of its 

varying input parameters, namely the speed of light vehicle, the order of reflection, and whether or not 

horizontal diffractions are taken into account. 

 

  
(a) – Order of reflections (1/0) - Refl (b) – horizontal diffraction (true/false) - Dif_h 

1636



 

 

 

 

(c) – Speed of light vehicles - Speed_lv  

 

Figure 4 –Lden variation (μ*) by receiver of the sensitivity analysis for 3 input parameters  

 

The Figure 4 confirms the high homogeneity in the variations in Lden values according to the speed 

of light vehicles, while the impact of taking into account or not reflections or horizontal diffractions in 

sound levels calculation is very heterogeneous on the network. In particular, receivers located in 

building yards are highly affected by parameters such as diffractions. This can be explained by the 

very high errors made when the number of rays in the simulation reaching certain isolated points, such 

as building yards, falls drastically when diffractions or reflections are not allowed in the simulation. It 

is even possible that for some simulations no rays reach the receiver. For these receivers, the variation 

on these parameters (diffractions, reflections) can therefore induce very large variations on the 

observed sound levels. It is likely that if indicators of the type "number of persons exposed to less than 

40 dB(A)" were considered, these indicators would be very sensitive to these calculation parameters. 

 

Figure 5 – μ* for each receiver depending on Lden sound levels for 4 varying input parameters 
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Figure 5 shows the existing links between the Lden sound level and four parameters: 

 

 The Figure 5 confirms the high sensitivity of low noise levels to whether or not diffractions 

are taken into account, with receivers that can potentially receive no energy for some 

simulations (see μ* >30 dB(A) on the top-left figure);  

 When noise levels are low, the impact to whether or not reflections are taken into account 

can be significant. As for diffractions, receivers that are not in direct field compared to 

noise sources often have the lowest noise levels and are also those most affected by this 

parameter; 

 The influence of the temperature and the speed of light vehicles on Lden values increases 

with sound levels because the receivers nearest to the streets are the ones with highest 

sound levels and also those for whom the parameters related to the emission are the most 

influential ;   

 

4. CONCLUSION 

 

A global sensitivity analysis of the CNOSSOS model at 9 of its varying input parameters is 

presented in this paper. The screening technique is based on Morris' method and simulations were 

performed with the NoiseModelling v3.0 tool. The results presented in this article are preliminary 

results and further research should be carried out in order to propose more general results that can be 

transposed to other district (or even city) typologies. However, any user can reproduce this 

methodology for his case study and the groovy script and NoiseModelling are available on the 

open-source platform Github
5
.  

Other applications as dynamic noise mapping, uncertainty propagation or meta-model development 

can benefit from the same structure of the NoiseModelling software. 
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ABSTRACT 

Up until now, in Japan, the dose-response relationship of Shinkansen railway noise has been estimated using 
measurement-based noise exposure levels as dose value. The noise exposure levels at the house of 
respondents were calculated by assuming a line sound source and a noise attenuation due to buildings was 
not considered. In this paper, we propose a noise mapping technique of Shinkansen-railway by using a point 
sound source model and re-estimate the dose-response relationship of Shinkansen railway noise. 
 
Keywords: Noise mapping, Shinkansen railway noise, Dose-response relationship 

1. INTRODUCTION 
The dose-response relationship of traffic noise is key data to understand the total amount of traffic 

noise impact on residents and to develop the environmental noise standard in Japan. To estimate the 
dose-response relationship, the noise exposure levels at the house of respondents of the questionnaire 
survey have to be accurately estimated. Up until now, in Japan, the dose value has been estimated 
using measurement-based noise levels. There could be any number of reasons why they used 
measurement-based noise levels as dose value. It is thought that the main reason is the Environmental 
Quality Standards for Shinkansen Superexpress Railway Noise [1]. The noise levels are measured and 
evaluated using the peak noise level. The peak noise levels ( , ) of each of the Shinkansen trains 
passing in both directions for 20 successive trains are measured. After that, the Shinkansen railway 
noise is evaluated by the energy mean value of the higher half of the measured peak noise levels. 
Furthermore, the noise levels for dose value have not been considered the noise attenuation by houses 
because of the unestablished digital national base map. Recent years have seen rapid progress in 
establishing such detailed digital national base map on a scale of one to 2,500 by the Geospatial 
Information Authority of Japan and in establishing transportation noise mapping techniques. In this 
paper, we propose a noise mapping technique of Shinkansen-railway by using a point sound source 
model and re-estimate the dose-response relationship of Hokuriku Shinkansen Superexpress railway 
noise. 

2. TARGET AREA 
The social survey was conducted in November 2016 in Ishikawa and Toyama prefectures on 

detached houses along the Hokuriku Shinkansen railway [2]. The target houses were all detached 
houses within 150m from the centerline of upside and downside lines. In this paper, the target area to 
estimate the Shinkansen railway noise map is a residential district with detached houses and is located 
in Toyama Prefecture, Japan (Fig. 1). The area is with 1.2 km length and within 100 m from the 

                                                        
1 hiraguri@arch.kindai.ac.jp 
2 fuku-new@wonder.ocn.ne.jp 
3 morihara@ishikawa-nct.ac.jp 
4 yokoshima.7c7q@pref.kanagawa.jp 
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centerline of upside and downside lines because of applicable limitation of the Shinkansen railway 
noise estimation model. In this area, the Hokuriku Shinkansen is operated 92 numbers of trains per 
day, and it is not operated from 24:00 to 6:00 due to restrictions (Table 1). The Hokuriku Shinkansen 
uses the E7 series of train type and it consists of a twelve-car train. 
 

 

 

Figure 1 – Aerial view of the target area. The green buffer shows the estimation area within 100 meters 
from the center line of the Hokuriku Shinkansen rail track. The houses of respondent are a part of the 
black filled buildings. 
 
 

Table 1 – Number of trains in operation per day 

 Upside line Downside line Total 

Day (7:00 – 17:00) 30 33 63 

Evening (17:00 – 22:00) 9 8 17 

Night (22:00 – 7:00) 5 7 12 

Total 44 48 92 

 

3. ESTIMATION OF NOISE EXPOSURE 

3.1 Procedure of Estimating Shinkansen Railway Noise 

As mentioned above, the evaluation value of the Environmental Quality Standard for Shinkansen 
Superexpress Railway Noise is generally used the	 , . Because of the comparison of the dose-
response relationship with other countries in our future research, however, the Lden is used as 
evaluation value in this paper. 

The Shinkansen railway noise consists of four noise sources; (a) two pantographs noise source per 
twelve-car train, (b) two rolling noise sources per car, (c) two structure-borne noise sources of viaduct 
per car and (d) one aerodynamic noise source per car. For each noise source, the A-weighted single-
event sound exposure level (LAE) is estimated from the unit pattern when one Shinkansen railway 
passes separately for the upside and downside lines using the Shinkansen railway noise estimation 
model [3]. After that, the Lden is calculated taking into account the number of operations by each time 
zone. However, since sound source data of the E7 series has not been published yet, so the data of the 
E2 series is adopted for estimation. The procedure for calculating noise propagation is as follows. 
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1) The SHAPEFILE formatted data of the center line of the Shinkansen railway and the outline 
of buildings are obtained through the web site of the Geospatial Information Authority of 
Japan [4]. 

2) The noise barrier of the viaduct is created by feature buffering based on the center line. 
3) The height and width of viaduct are referred to the drawing sheets or survey results. 
4) The feature of center line represents the position of the noise source of (c) structure-borne 

noise sources of viaduct. 
5) The features of center lines of upside and downside line are created based on drawing sheets 

or survey results. These features represent the position of the noise source of (a) pantographs 
noise source and (b) rolling noise sources. 

6) The discrete noise source points are created 1 m intervals on each feature and are given the 
A-weighted sound power level 	 dB  depending on the traveling speed as the property 
value. The values of traveling speed used in this paper are shown in Table 2. 

7) The position of aerodynamic noise source changes depending on the spatial relationship 
between the position of noise source and receiver. Therefore, the relationship is judged in each 
case, and then the noise source is created on one side to the travel direction. The perpendicular 
distance from the noise source to the center line is half of the width of the track. 

8) The features of receivers are created at the intervals of 2.5 m outer side of the buildings (Fig. 
4 (a)). 

9) The A-weighted sound pressure level , , 	 dB  for noise propagation from the th noise 
source position of the th noise source type to the receiver is calculated with following 
equations of One-path method. The diffraction is assumed double diffraction at the noise 
barrier and the edge of building as the knife-edge diffraction. 

, , , , 8 20 log , , , , (1) 

, , , , , , , ,  (2) 

, , ,

20 10 log , , , 1									

5 17 ∙ sinh , ,
.

, 0 1

min 0, 5 17 ∙ sinh , ,
.

, 0								

, (3) 

where , ,  is the A-weighted sound power level of a running train [dB], ,  is the direct 
distance from the th noise source position of the th noise source type to the receiver, the 
coefficient .is defined as 0.4 considering with the spectrum of the Shinkansen noise [5] 
and , ,  is the path difference. The function “min [a, b]” gives the smallest value of a and 
b. 

10) The sound exposure level LAE is calculated with the following equation considering the 
correction value	 . The values used in this paper are shown in Table 2. 

10 log ∑ ∑ ∙ 10
, ,

, (4) 

where  is defined as the number of noise source per twelve-car train, for instance, the 
number of the rolling noise sources is 24 per twelve-car train. 

11) The  is calculated in consideration of the number of trains in operation per day (Table 
1). 

3.2 Result of Measurement and Estimation of Noise Exposure Levels 

To calculate the	 , the measurement was conducted at 25m distance from the centerline of the 
upside and downside line by using the sound level meter (RION NL-31, 32, 42 and 62). The height of 
the receiver was 1.2m from the ground. In the measurement, the instantaneous values of the sound 
pressure level at intervals of 100 milliseconds were recorded in the SLM’s memory. The recordings 
were carried out against six trains passing through upside line and seven trains passing through 
downside line. To estimate the traveling speed of trains, at the same time, the trains passing through 
were recorded with a video camera. After the measurements, the traveling speed and the 	were 
calculated in our laboratory. 

Relationship between the measured  and the traveling speed (left figure) and between the 
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measured  and the estimated	  (right figure) are illustrated in Fig. 2. It is understood from the 
figure that the trends of the upside and downside are different. When the trains passed through the 
upside line, the  becomes higher with faster running speed of the train, but when the trains passed 
through the downside line, the  becomes lower with faster running speed of the train. At the time 
of writing this paper, we cannot understand the reason why the trends of  are different between 
lines, therefore, a more detailed measurement will be carried out in our future studies. The estimated 

 when the trains pass through the upside line is approximately 2 dB less than the measured values. 
On the other hand, when the trains pass through the downside line with faster than 180 km/h, the 
estimated and measured  has good correlation. As a result, to estimate the noise exposure levels 
at each respondent’s house, the average running speed and the difference of energy based average of 

 between the estimation value and measurement value at each line are defined as in table 2. An 
example of the noise exposure level mapping is illustrated in Fig. 3. The state of the noise attenuation 
caused by buildings and the incursion of noise in the residential area along the roads is confirmed 
visually. 
 
 

 

    

Figure 2 – Relationship between the measured  and the traveling speed (left figure) and between 
the measured  and the estimated	 . The location of the measurement and estimation point are 
25 m distance from the centerline and the height is 1.2m from the ground. 

 
 
 
 
Table 2 – Traveling speed of Shinkansen and the correction value of  at each line. 

 Upside line Downside line 

Average running speed 

of train [km/h] 
204.0 186.7 

A  [dB] -2.9 2.0 
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Figure 3 –Noise exposure level map when a train passes through upside line. 
 

 

3.3 Influence of Interval of Receiver Points on Estimation Accuracy 

The representative noise exposure level at the residential buildings is assigned to evaluate dose-
response relationship or to assess the population exposure to noise. Generally, the maximum noise 
level in front of the building façades of the residential buildings is calculated [6]. The noise level at 
receiver points in front of the building façades can be calculated directly from the noise source points 
without using the noise map. Considering the profit of estimating noise map of the whole urban area 
while the high computational load, however, it is useful that the noise level at receiver points is 
calculated indirectly by over-layering with a noise map. Accordingly, in this section, we discuss the 
optimal interval of the receiver points in the view of the maximum noise level in front of the façades 
at each building. 

 
 

(a) Location of receivers (interval: 2.5 m) (b) Noise map (interval: 2.5 m) 

     

(c) Noise map (interval: 5.0 m) (d) Noise contour (interval: 10.0 m) 

     

Figure 4 – Receiving points and noise map. 
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The intervals of receiver points were varied 2.5 m, 5.0 m, and 10.0 m. The noise levels at every 
receiver points were estimated and then the noise maps were calculated using the spline interpolation 
method (the resolution after interpolation was 1.0 x 1.0 m). The results of calculating the noise maps 
are illustrated in Fig. 4. The noise levels in the case when the intervals are 5.0 m and 10.0 m do not 
look like correct in the case of behind the buildings or the narrow space between the buildings 
comparing with when the intervals of 2.5 m. The reason of difference is mainly due to the case of few 
receiving points. The receiver points are less likely to be located at such places, and the noise levels 
at the places are lower than other places. Therefore, the interpolated noise levels based on higher noise 
levels around such places tend to become higher than the real situation. Figure 5 shows the difference 
of noise levels from the case of 2.5 m of intervals. As mentioned above, the noise levels behind the 
buildings tend to become lower than in other places. From the viewpoint of the maximum noise level 
of each building, however, the noise levels may not be different between the case of the intervals of 
2.5 m and 5.0 m. 

 
 

          (a) Difference of noise levels (5.0 m minus 2.5 m) 

 
 

          (b) Difference of noise levels (10.0 m minus 2.5 m) 

 

Figure 5 – Difference of noise levels from the case of 2.5 m of intervals. 
 

3.4 Result of Estimating Noise Exposure Levels of Respondent’s houses 

The noise levels	  were estimated for 52 respondents of the social survey by using the noise 
map. Figure 6 shows the comparison between  of respondents estimating based on measurement 

contspli3-4d

<セル値>

　　　～ -7.0

-6.9 ～ -5.0

-4.9 ～ -3.0

-2.9 ～ -1.0

-0.9 ～ +1.0

+1.1 ～ +3.0

+3.1 ～ +5.0

+5.1 ～ +7.0

+7.1 ～

contspli5-4d

<セル値>

　　　～ -7.0

-6.9 ～ -5.0

-4.9 ～ -3.0

-2.9 ～ -1.0

-0.9 ～ +1.0

+1.1 ～ +3.0

+3.1 ～ +5.0

+5.1 ～ +7.0

+7.1 ～

1644



 

 

values and the noise map. The noise levels based on measurement are varied only from 47 dB to 50 
dB because the values do not consider the attenuation caused by the buildings. On the other hand, the 
noise levels based on the noise map are varied from 39 dB to 54 dB. 

 
 

 

 
Figure 6 – Comparison of the noise levels between the measurement-based  and the noise map-
based . 

 

4. COMPARISON OF DOSE-RESPONSE RELATIONSHIP 
Figure 7 shows the relationship between community response and noise exposure level. In this 

paper, the ratio of respondents who chose either the top 2 categories in the 5-point verbal scale is 
defined as % highly annoyed [7]. Although the dose-response relationship is generally described with 
the logistic regression curve, it is not adopted in this paper because of the few samples. Both of them 
tend to become higher with higher noise levels. 

 
 

 
Figure 7 – Dose-response relationship due to noise annoyance. 

 
 

35

40

45

50

55

35 40 45 50 55

M
ea

su
re

m
en

t 
ba

se
d 

L
de

n
[d

B
]

Noise map based Lden [dB]

0

20

40

60

80

100

40 45 50 55

%
H

A
 [

%
]

Lden [dB]

Measurement Estimation

1645



 

 

5. CONCLUSIONS 
In this paper, we proposed a noise mapping technique of Shinkansen-railway by using a point 

sound source model and re-estimate the dose-response relationship of Hokuriku Shinkansen 
Superexpress railway noise. The interval of receiver points may set less than 5.0 m from the viewpoint 
of the maximum noise level as the representative value of buildings. The noise level estimated with 
the noise map was much more widely varied than those estimated based on the measurement. In future 
research, we have to confirm the accuracy of the result of the noise map by conducting more detailed 
noise measurements. Furthermore, we will evaluate the dose-response relationship against all of the 
respondents of the social survey along the Hokuriku Shinkansen Superexpress railway. 
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Abstract
Sound power determination at different environments and using different techniques exhibits deviations espe-
cially at low frequencies. In previous studies the establishment of traceability has been introduced and the
realisation and dissemination of the unit watt in airborne sound has been discussed. For the completion of
traceability, the sound power level determination of realistic sources is required. The contribution presents the
application of the substitution method for the in situ sound power determination of real sources. The substitu-
tion method includes both sound pressure and sound intensity measurements. For collecting experimental data,
different measurement methods were applied in various environments. Following the concept of traceability, the
sound power level is accompanied by the related uncertainty, which explicitly explains the contributing factors
along with their extent of contribution. A comparison is made between the uncertainty levels using sound pres-
sure and sound intensity. The proposed uncertainty covers a wider frequency range compared to the up-to-date
standards.
Keywords: Sound power, Substitution, Uncertainty

1 INTRODUCTION
Sound power is a widely applicable acoustic quantity, since it characterizes a sound source based on its ra-
diated sound energy. The current sound power determination exhibits to two main insufficiencies. The first
is the low frequency limitation, where the results show deviations below 100 Hz depending on the measuring
technique (sound pressure or sound intensity measurements) and on surrounding environment. The second is
the applicability of the sound power determination methods to sources with broadband spectral characteristics.
This excludes tonal sources. The determination is expected to improve with the establishment of traceability of
the sound power unit in airborne sound (1). An additional advantage of traceability is the determination of a
transparent uncertainty budget including the combined uncertainty along with its contributing factors.
The first part of traceability is the realization of the unit, which has been performed following the assembling
of a number of primary sources (2). The second part is the dissemination of the unit where transfer sources
are the key element (3). The last traceability stage is the application of the unit. At this stage the sound power
of a sound source positioned in a real environment (in situ) is determined by applying the substitution method
using a transfer source. The substitution method is the fundamental tool for the traceability, because it may
enable the reference of the in situ sound power level of a sound source to its free field sound power level. The
method is currently used based on sound pressure measurements (4, 5, 6, 7), but sound intensity levels have
also been used for its application (8). According to the substitution method, the unknown sound power level of
a sound source (LW, unknown) can be determined by the known sound power level of another source (LW, known)
while measuring the time and surface averaged sound pressure or intensity level of both sources (Lp, unknown,
Lp, known, LI, unknown, LI, known,). This is described by

LW, unknown = LW, known +Lp, unknown−Lp, known

LW, unknown = LW, known +LI, unknown−LI, known
(1)
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2 MEASUREMENTS
The substitution method was applied for the determination of the in situ sound power level of three sources (a
fan, an air compressor and a vacuum cleaner) to cover various spectral components. Sound pressure and sound
intensity measurements were performed, while varying the measurement method in terms of measurement sur-
face and surrounding environment. PTB’s scanning apparatus (9) was used for sound pressure and sound inten-
sity measurements of various radii in PTB’s hemianechoic room. In the same room, measurements at discrete
points were also performed at a single radius (12 points over a box shaped surface). The frequency analysis
was performed in both broad (one-third octave) and narrow (FFT) bands (8). Discrete point measurements were
performed at various surrounding environments of varying volume and absorption.

3 SOUND POWER DETERMINATION
The determination of the sound power level of the devices under test (DUT) requires the application of the
substitution method twice. First, the sound power level of the transfer source (TS) is determined based on the
sound power level of the primary source (PS). Then the sound power level of the DUT is determined based on
the sound power level of the transfer source.

3.1 Measurements with different surface sampling
For the investigation of the effect of the measurement surface on the sound power level determination, the
measurements were performed in PTB’s hemianechoic room. The sound power level of the transfer standard
based on sound pressure measurements is given by

LW,TS,cal, p = LW,PS +Lp,TS,cal−Lp,PS +10lg
(

STS,cal
SPS

)
dB−10lg

(
BTS,cal

BPS

)
dB+5lg

(
TTS,cal

TPS

)
dB

+Cnoise,TS−Cnoise,PS +Cscr,probe, p +C3,TS,cal−C3,PS +CFFT

(2)

where S is the surface over which the sound power is determined, B is the atmospheric pressure, T the ambient
temperature, Cnoise the background noise correction (10), Cscr,probe the correction for the use of windscreens,
whose shape is different for sound pressure and sound intensity measurements, C3 the correction for the air
absorption (10) and CFFT the correction for the FFT settings. The latter is imposed because the analysis of the
primary source was performed with a uniform window, while the transfer source is analysed with a Hanning
window, which adds energy due to the side lobes (11).
When sound intensity is used, the sound power level is given by

LW,TS,cal, I = LW,PS +LI,TS,cal−LI,PS +10lg
(

STS,cal
SPS

)
dB−10lg

(
BTS,cal

BPS

)
dB+5lg

(
TTS,cal

TPS

)
dB

+Cscr,probe, I +C3,TS,cal−C3,PS +CFFT

(3)

The sound power level of the primary source was determined from vibration velocity measurements using a
laser scanning vibrometer and was kindly provided for the present study. In equations (2) and (3) there are
corrections for the changes in atmospheric pressure and ambient temperature. The factor -0.5 was chosen for
the changes in temperature because of the difference in the source order (primary source is a monopole, the
transfer source a dipole).
Following the analysis of the transfer source, the sound power level of the DUT is given by

LW,DUT,cal, p = LW,TS,cal, p +Lp,DUT,cal−Lp,TS,cal +10lg
(

SDUT,cal
STS,cal

)
dB

−10lg
(

BDUT,cal
BTS,cal

)
dB+25lg

(
TDUT,cal
TTS,cal

)
dB+Cnoise,DUT,cal−Cnoise,TS,cal +C3,DUT,cal−C3,TS,cal

(4)
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and
LW,DUT,cal, I = LW,TS,cal, I +LI,DUT,cal−LI,TS, cal +10lg

(
SDUT,cal
STS,cal

)
dB

−10lg
(

BDUT,cal
BTS,cal

)
dB+25lg

(
TDUT,cal
TTS,cal

)
dB+C3,DUT,cal−C3,TS,cal

(5)

The temperature correction for this case is -2.5, which corresponds to a dipole, since both transfer source and
DUTs are of similar order as spherical harmonics decomposition revealed (12).
Concerning the measurement surface, for the primary source only scanning measurements were performed at
0.70, 0.80, 0.90, 1.45, 1.70, 2.34 & 2.75 m. The transfer source was also measured by scanning at the same
radii and at discrete points. The DUTs were measured by scanning only at 1.45 m and at discrete points. For
the measurement surface correction of equations (2) and (3) the combination of the same radii were only used,
because this way the sound power determination corresponds more to realistic measurements.
The uncertainty analysis of GUM (13) was applied for the calculation of the related uncertainty. The uncertainty
of equation (2) is

u2
(
LW,TS,cal, p

)
= u2 (LW,PS)+u2

[
Lp,TS,cal−Lp,PS +10lg

(
STS,cal

SPS

)
dB
]

+u2
[
L′p,TS,cal +10lg

(
STS,cal

STS,cal, ref

)
dB
]
+u2

[
L′p,PS +10lg

(
SPS

SPS, ref

)
dB
]

+u2 (Cnoise,PS)+u2 (Cnoise,TS)+u2
(
Cscr,probe, p

)
+u2 (C3,TS,cal−C3,PS)+u2 (CFFT)

(6)

where L′p is the time and surface averaged sound pressure level uncorrected for background noise.
The uncertainty of the sound power level of the transfer standard based on sound intensity is

u2 (LW,TS,cal, I) = u2 (LW,PS)+u2
[
LI,TS,cal−LI,PS +10lg

(
STS,cal

SPS

)
dB
]

+u2
[
LI,TS,cal +10lg

(
STS,cal

STS,cal, ref

)
dB
]
+u2

[
LI,PS +10lg

(
SPS

SPS, ref

)
dB
]

+u2
(
Cscr,probe, I

)
+u2 (C3,TS,cal−C3,PS)+u2 (CFFT)

(7)

The uncertainty of the environmental conditions was found to be negligible and was apparently omitted from the
uncertainty determination. The measurement radius of 1.45 m was used as reference value for the uncertainty
of the time and surface averaged sound pressure and sound intensity level.
In the same sense, the uncertainty of the sound power level of the DUTs in case of scanning measurements is
described by

u2
(
LW,DUT, cal, p

)
scan = u2

(
LW,TS,cal, p

)
+u2

[
Lp,DUT,cal−Lp,TS,cal +10lg

(
SDUT,cal
STS,cal

)
dB
]

scan

+u2
(
L′p,DUT,cal

)
scan +u2

[
L′p,TS,cal +10lg

(
STS,cal

STS,cal, ref

)
dB
]

scan

+u2 (Cnoise,DUT,cal)+u2 (Cnoise,TS,cal)+u2 (C3,DUT,cal−C3,TS,cal)

(8)

For measurements at discrete points the uncertainty is

u2
(
LW,DUT,cal, p

)
discrete = u2

(
LW,TS,cal, p

)
+u2

[
Lp,DUT,cal−Lp,TS,cal +10lg

(
SDUT,cal
STS,cal

)
dB
]

scan

+u2
(
L′p,DUT,cal

)
discrete +u2

(
L′p,TS,cal

)
discrete

+u2 (Cnoise,DUT,cal)+u2 (Cnoise,TS,cal)+u2 (C3,DUT,cal−C3,TS,cal)

(9)
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Corresponding equations may be derived for sound intensity measurements by omitting the uncertainty related
to the background noise.
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Figure 1. Total and contributing uncertainties of the air compressor sound power level for sound pressure
measurements under calibration conditions using the scanning method. Top: one-third octave bands. Bottom:
FFT bands.

3.2 Measurements at different surrounding environments
If the sound pressure or sound intensity measurements are performed in situ, equation (4) is modified to

LW,DUT, in situ, p = LW,TS, in situ +Lp,DUT, in situ−Lp,TS, in situ +10lg
(

SDUT, in situ

STS, in situ

)
dB (10)

The environmental corrections along with the corrections for the background noise and the air absorption van-
ish due to the identical conditions during the measurements. A similar equation applies for sound intensity
measurements. The uncertainty of equation (10) is provided by

u2
(
LW,DUT, in situ, p

)
= u2

(
LW,TS, in situ, p

)
+u2

(
Lp,DUT, in situ−Lp,TS, in situ

)
+u2

(
L′p,DUT, in situ

)
+u2

(
L′p,TS,in situ

)
+u2 (Cnoise,DUT, in situ)+u2 (Cnoise,TS, in situ)

(11)
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The uncertainty for the sound intensity measurements is similar to equation (11) while omitting the background
noise uncertainty.
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Figure 2. Sound power level difference compared to existing and proposed uncertainty. Top: one-third octave
bands. Bottom: FFT bands.

4 RESULTS
Figure 1 provides an example of the uncertainty analysis for the determination of the sound power level of the
air compressor by scanning sound pressure measurements in the hemianechoic room. As it may be observed,
there are highly influential factors such as the uncertainty of the sound pressure level difference, the uncertainty
of each sound pressure level and the uncertainty of the transfer source sound power level. On the other hand
the uncertainties related to background noise, air absorption and FFT windowing is not influential to the over-
all uncertainty. The uncertainties related to the sound intensity levels and their difference are also the most
influential for the case of sound intensity measurements.
For the validation of the method, the sound power levels after the substitution method were compared to directly
determined levels (14, 15, 16) by

∆LW = LW,sub−LW, dir (12)
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The sound power level differences were then compared to the existing (14, 15, 16) and to the proposed un-
certainty levels. For the FFT analysis the current one-third octave band uncertainty was used. Figure 2 shows
the sound power level differences along with both uncertainties for the case of sound intensity measurements
at discrete points in the hemianechoic room. As it is shown the sound power level differences are sufficiently
covered by the proposed uncertainty, especially at low frequencies where the existing uncertainty does not ap-
ply. At some high frequencies, the existing uncertainty covers the sound power level differences with lower
uncertainty values.

5 CONCLUSIONS
The sound power determination of realistic sound sources was performed using the substitution method while
varying the measurement surface and the surrounding environment. Apart from the sound power, the related
uncertainty was determined in a transparent approach, which allows the decomposition of the combined uncer-
tainty to the contributing factors. The proposed uncertainty was compared to the existing one. The uncertainty
following the sound power dissemination widens the frequency range of the sound power determination. Low
frequency effects are sufficiently covered by the proposed uncertainty. The combination of the proposed and
existing uncertainty may provide an updated and improved uncertainty budget for the in situ sound power level
determination.
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ABSTRACT 
Residents living in the vicinity of airports are exposed to noise from departing and approaching aircraft. 
Noise may be reduced by introducing novel aircraft technologies and flight procedures. By means of 
auralisation and listening experiments, such possible future changes can be evaluated by considering human 
sound perception. In this study, flyovers of different aircraft types and flight procedures were auralised at 
multiple virtual observer locations, and subsequently evaluated in a psychoacoustic laboratory experiment 
with respect to short-term noise annoyance. An existing reference aircraft, a possible low-noise retrofitted 
version and a future low-noise design were simulated along standard and tailored approach procedures. 
Separate source signals were synthesised for engine broadband, fan tonal, airframe broadband, and cavity 
tonal noise. Further, smooth transitions between consecutive changes in configurational setting and 
operational condition were modelled to create realistic sounds. To enhance plausibility, the propagation 
simulation, amongst other effects, considered ground reflections and frequency-dependent amplitude 
modulation due to propagation through a turbulent atmosphere. The flyover sounds were spatially 
reproduced by a hemispherical loudspeaker array. The listening experiment revealed significant annoyance 
reductions for low-noise aircraft types and flight procedures, that maximal benefit is achieved by the 
combined optimisation of aircraft technology and procedure, and that distributed observers need to be 
considered. 
 
Keywords: Simulation, Aircraft noise, Perception, Auralisation, Noise annoyance 

1. INTRODUCTION 
Residents living in the vicinity of airports are exposed to noise from departing and approaching 

aircraft. Aircraft noise may be reduced by introducing novel aircraft designs and flight procedures. By 
means of auralisation and listening experiments, such possible future changes can be evaluated by 
considering the human perception of sound. Using such information to steer the aircraft technology 
development process has recently been denoted as perception-influenced design (1). 

In this study, flyovers of different aircraft types and different flight procedures are auralised, and 
subsequently evaluated in a psychoacoustic laboratory experiment. Within the presented study, the 
assessment focuses on approaching aircraft due to their increased complexity caused by the varying 
mixture of noise sources. 

2. PERCEPTION-BASED EVALUATION PROCESS 
Figure 1 illustrates the simulation process followed in this study. Starting with preselected Top 

Level Aircraft Requirements (TLAR), which contain e.g. mission range and number of passengers, air 
vehicles are designed on a physical feasible basis with the software framework PrADO (2). Approach 
and departure trajectories with underlying configurational settings, such as engine operation or 
high-lift usage, are simulated and optimised with the integrated FlipNA code (3). By auralisation, 
flyovers of the designed aircraft and procedures are artificially rendered audible in a virtual acoustic 
environment. This involves a sound source prediction, emission synthesis, propagation simulation and 
sound reproduction (see Section 3). Acoustic stimuli in the form of spatial sound fields of virtual 
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flyovers allow a psychoacoustic evaluation in listening experiments. Resulting perception-based 
assessments are used to improve the simulation modules and ultimately also to optimise low-noise 
aircraft technologies. 

The focus of this paper lies on the developed auralisation strategy for flyovers of jet aircraft (4). A 
comprehensive description of the concept is currently being prepared for publication elsewhere (5). 

 
Figure 1 – Concept for perception-based evaluation of future low-noise aircraft designs and flight procedures 

(TLAR = Top Level Aircraft Requirements). 

3. AURALISATION OF FLYOVERS OF JET AIRCRAFT 

3.1 Emission synthesis 
The simulation follows the source-path-receiver concept. Noise sources are predicted along the 

aircraft trajectory. In contrast to noise mapping applications, auralisation requires high time and 
frequency resolutions, and source descriptions with high temporal continuity (4). 

Emissions of the major noise sources are calculated by the aircraft noise prediction tool PANAM 
(6). PANAM contains parametric calculation models for various componential noise sources of an 
aircraft. Engine and airframe noise sources are separately described as a function of aircraft design 
geometries and operational conditions. The componential noise sources are condensed into three 
contributions: (i) airframe broadband, (ii) engine broadband, and (iii) engine fan tones. Radiation 
angle-specific spectral sound emission levels are calculated in source time steps of 0.5 s. On that basis, 
source sound pressure signals for contributions (i) and (ii) are generated by subtractive synthesis 
where pink noise signals are spectrally shaped with a 1/3 octave band filter bank. The sound pressure 
source signal of the first five fan tones, pem,fantones, is generated using additive synthesis by five 
numerically controlled oscillators with amplitude and frequency controls (7): 

pem,fantones[k] = 2p0 10Lem,fantone,j[k]/20
5

j=1

cos j +
2 j
fs

fBPF[k']
k

=0

 (1) 

with the signal sample indices k and k’, the reference pressure p0 = 20 μPa, the fan tone emission levels 
Lem in dB, a random initial phase angle  in radians, the audio sampling rate fs in Hz, and the fan blade 
passing frequency fBPF in Hz. 

Also relatively small structures at the airframe may lead to relevant narrowband aero-acoustic 
sources. One example is the wing cavity tones originating from fuel overpressure ports (FOPP) in the 
Airbus A320 family (8,9). The sound power of this double tone shows a strong speed dependency. For 
example, an airspeed increase from 80 to 100 m/s leads to a 10 dB increase in sound power. Initial 
attempts to synthesise cavity tones using additive synthesis failed, because listening comparisons to 
recordings revealed a very different hearing impression. In fact, cavity tones are generated by a 
Helmholtz resonator excited by a grazing airflow, featuring a random excitation pattern and a certain 
spectral bandwidth. Following this conception, in the developed synthesis model cavity tones are 
generated by subtractive synthesis with white noise as basic waveform and peak filters of the form 
(Laplace notation): 
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Hpeak(s) = 0
2

s2+2 0s+ 0
2 (2) 

 
with the Laplace variable s, the peak angular frequency 0 , and the damping ratio  used to set the 
bandwidth to about 2 Hz (see synthesis example in Figure 2). The synthesis parameters for the wing 
cavity tones are set based on field measurements (10,11). 

 
Figure 2 – Narrowband sound pressure spectra with distinct wing cavity tones as measured from an Airbus 

A320 at Mach 0.3 during approach. The Doppler effect shifts the two peaks from around 800 Hz (red) to 400 

Hz (green) during the flyover event. Simulated data at Mach 0.3 by the developed synthesis model is shown 

in black (without Doppler effect). 

3.2 Propagation filtering 
The model conception behind the propagation simulation is that the most relevant propagation 

effects are independently described and modeled, similarly to current engineering propagation models. 
Time-variable propagation filters transform the source (emission) sound pressure signal into an 
observer sound pressure signal. The considered propagation effects are Doppler frequency shift, 
geometrical spreading, air absorption, ground effect and turbulence effect (7,12). 

Attenuation due to atmospheric absorption is modelled for a stratified atmosphere described by the 
collection of height profiles for air temperature, relative humidity and static pressure. The effective 
atmospheric absorption coefficient is integrated along the propagation path using 20 vertical sampling 
points. From the atmospheric attenuation spectrum, an FIR filter with 1024 taps (at a sampling rate 
fs = 48 kHz) is designed using the IFFT. The filter taps are updated every 200 ms. 

Wave propagation through a turbulent atmosphere leads to distinctly audible amplitude 
modulations (AM). This effect was included to enhance plausibility of the hearing impression. The 
developed model considers that turbulence-induced AM is of random nature and depends on frequency 
and the propagation distance. Turbulence-induced AM is modeled by a high shelf filter with 
distance-dependent transition frequency and a random, time-dependent gain (12). A minimum phase 
first-order IIR filter is used here with the transfer function 

Hturb
t s = c + 10G(t)/20s

c + s
 (3) 

with the Laplace variable s, the high-frequency gain G in dB, and the angular transition frequency 

c = 2
9000

d(t)
 (4) 

where d is the source–receiver distance in meter. The gain G is created with a random process and is 
normally distributed with standard deviation  and mean value μ = 0.115 2, to ensure 
energy-neutrality of the turbulence effect. 

3.3 Reproduction 
To create a perceivable sound field, the (monophonic) sound pressure signal is distributed to a 3D 
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loudspeaker array using directional information of sound incidence (time histories of azimuth and 
elevation angle). The 3D reproduction rendering is accomplished by dual-band amplitude panning 
where different normalisations are used for two frequency bands (13). The low frequency content is 
split off with a digital crossover (Linkwitz-Riley filters at 100 Hz) as subwoofer feed. 

3.4 Application 
A listening experiment with 32 subjects was performed in the listening test facility AuraLab at 

Empa in Switzerland. The sound reproduction system consisted of an upper-hemisphere layout with 15 
satellite speakers (Neumann, KH 120 A) and two subwoofers (Neumann, KH 805) that were connected 
to a digital audio processor (Xilica, Neutrino A0816). The listening room features high structure- and 
airborne sound insulations, low background noise (below 7 dBA, GK0) and controlled room acoustics 
with a reverberation time of Tmid = 0.11 s. 

The subjects rated short-term noise annoyance of individual flyover events on the ICBEN 11-point 
numerical scale (14). Approaches of three civil tube-and-wing narrow-body aircraft with two flight 
procedures each and four observer locations were examined, making a total of 24 virtual flyovers. 

No suspicious comments or remarks about plausibility were given by any of the subjects during or 
after the experiment, even though most had personal experience with aircraft noise. Furthermore, in a 
specific technical workshop, acousticians and aircraft noise experts rated the acoustic stimuli as “very 
plausible”. 

Exemplary results of the listening experiment are shown in Figure 3. The novel aircraft design 
performs significantly better in terms of noise annoyance compared to the reference aircraft (similar to 
an existing A319-100). At distances closer than 15 km to the touch-down point, the tailored flight 
procedure leads to an additional improvement. However, this is not the case at larger distances, 
showing that distributed observer locations need to be considered for the assessment of low-noise 
aircraft technologies. Note that for this initial application example, only observer locations below the 
flight trajectory are assessed. 

 
Figure 3 – Observed (symbols) mean short-term noise annoyance ratings for two aircraft types (Reference 

and Game changer) and two flight procedures (Standard and Tailored) at four observer locations. The curves 

show modelled data including confidence intervals. 

4. CONCLUSIONS 
In this study, a methodological approach for perception-based evaluation of future low-noise 

aircraft technologies was developed that involves, amongst others, enhanced auralisation models. 
Flyovers of different aircraft types with different approach procedures were successfully auralised at 
multiple virtual observer locations. Although the flyover sounds were fully synthetically generated, 
they were perceived as plausible. A listening experiment revealed significant reductions in short-term 
annoyance for low-noise aircraft types and flight procedures, that maximal benefit is achieved by the 
combined optimisation of aircraft technology and procedure, and that spatially distributed observers 
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need to be considered to reliably assess low-noise aircraft noise technologies and procedures. Future 
work will furthermore include observer locations aside the flight ground track, departure procedures 
and different propulsion concepts, e.g., geared turbofan or propeller engines. 
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ABSTRACT 
Realistic simulation of aircraft fly-over using auralization and visualisation techniques help in the research 
towards more silent aircraft types and/or operations. Up until recently most auralizations of aircraft were 
created in a virtual countryside, only taking the direct path and ground reflection into account. In an urban 
environment, reflections and absorption of buildings must be considered as well as different ambient sound 
levels. This research effort aims at creating an auralization of a VTOL aircraft flying through an urban 
environment. A dynamic 3D model of the urban environment is constructed using publicly available city data. 
This data is combined with recorded video data to match visual and audio occlusion of the aircraft by 
buildings. Reflection surfaces are used to determine mirrored noise sources, which are spatially added to the 
3D buildings. At the observer the sound from the different paths is received and presented as binaural 
(directional) sound together with a realistic visualisation in Virtual Reality using the Oculus Rift. 
 
Keywords: Aircraft noise, Virtual Reality, Urban environment. 

1. INTRODUCTION 
Noise annoyance from aircraft is one of the most adverse effects on communities living around 

airports (1). Scientific research on noise annoyance helps in finding and addressing the main causes of 
annoyance, either in sound level, sound characteristics, or non-acoustical factors. Although this 
research can take place around airports with affected communities, a controlled environment is 
preferable for receiving measurable data. For this purpose, the Royal Netherlands Aerospace Centre 
(NLR) developed, based on prior research by NASA Langley (2), the Virtual Community Noise 
Simulator (VCNS), to conduct research and inform communities on the effects of (measures on) 
aircraft noise for their environment (3, 4). But until now, this research does not take new modes of air 
transport into account, such as drones and Vertical Take-Off and Landing (VTOL) aircraft. 
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Figure 1 – Camera rig for panoramic recording 
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Urban Air Mobility (5, 6, 7) (UAM) is an upcoming air transport concept and expected to have a 
significant influence on people’s life, for the better or the worse: a new fleet of electrical powered 
aircraft including package-delivery drones and VTOL aircraft may reduce road congestion, improve 
travel or transport times for people, but may also have an adverse effect with respect to noise or visual 
impact to people living in the city. Noise calculations to evaluate noise impact of UAM concepts have 
been done before by Arntzen et al (8), but cannot be used to perform annoyance research. To do such 
research using a simulated environment, the variables have changed: Up until recently, most 
auralizations of aircraft were created in a virtual countryside, only taking the direct path and ground 
reflection into account.  

In an urban environment, the following factors should be addressed as well: First, sound reflections 
and absorption of buildings must be considered as well as different ambient sound levels. Second, a 
visualisation within a city requires a sophisticated model where buildings or other objects may at one 
moment occlude an aircraft, but can at another moment be in the background of a moving aircraft in 
front. Third, as aircraft maybe closer by, shadow casting effects may have a visual impact on 
communities and may contribute to or even amplify the existing (negative) attitude towards (nearby) 
aircraft. Concluding, significant changes are needed to simulate urban air mobility concepts compared 
to traditional aircraft flyover cases. 

2. PROPOSAL FOR AN URBAN ENVIRONMENTAL SIMULATOR 
To understand the requirements for an urban environmental simulator, first the existing VCNS 

simulation setup must be described. In a traditional aircraft fly-over scenario, a location is filmed 
using a 360-degree camera. This can be done using a combination of cameras in a specific 360 degrees 
camera rig, such as done at NLR (See Figure 1) or it can be done with a dedicated panoramic camera. 
For the first approach, dedicated software is required to stitch the video together to generate a 
panoramic 360-degree video. For the second approach, the stitching is done automatically by either the 
hardware or the associated software. For also recording the ambient sounds, a first order microphone is 
used to record directional sounds. This is sufficient for users of the simulation to get an impression of 
the direction for certain ambient sounds. An audio cue is used at the beginning of the recording to 
synchronize audio and video (4) later on in the process. The aircraft fly-over is later added to the 
recording by either creating a (fully-controlled) auralization, or by making use of a recording of an 
aircraft and adjusting sound level and atmospheric absorption based on the difference in distance 
between recorded and play-back location. In these simulations, there is always a clear line-of-sight and 
sound and visuals are only obscured by objects near the horizon, such as houses and trees, but they do 
not significantly influence the audio path between source and observer. So for the audio, no measures 
need to be taken, and for the video, only a simple masking-filter is used to indicate whether the aircraft 
should be displayed before (white) or after (black) the video background recording, see Figure 2. The 
VCNS software can superimpose the mask on an artificially added 3D aircraft object so only (part of) 
the aircraft is shown if it is above the horizon. Finally, everything is combined and by making use of an 
Oculus Rift Virtual Reality headset and binaural audio reproduction, a simulation can be played in an 
immersive environment. 

 For simulation of an urban city centre, the buildings in the environment play a more dominant role 
in the simulation, with characteristics that have influence on the perception by the observer. Except for 
the usual cases where aircraft are either both visible and audible or not, aircraft may be audible but not 
visible, or only audible by one or more reflections. Another difference is that some of the proposed 
vehicles in the UAM concept are electric multi-copter aircraft with different noise characteristics than 

                                                        
4 During the video recording, the used camera rig also records audio. This audio is already synchronized 
with the video and can be used to re-synchronize the audio track that is recorded separately. 
Figure 2 – Left, a screenshot of a panoramic video, and right, a masking image to filter foreground (white) 

from background (black) 
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traditional fixed-wing or helicopter aircraft. Finally, ambient sound levels are different and generally 
louder, which masks aircraft sounds, but also causes a different attitude by the observer for expected 
noise annoyance at that location. 

2.1  Visualisation 
For the visualisation, a more sophisticated 3D model has been developed and be used as overlay for 

the recorded panoramic video. In this paper, a summary is given of this work by van der Veen (9). 
Creating such a model by hand is possible but a cumbersome task. The following tasks are needed to 
generate such a model automatically: 
1. Initial model generation: Publicly available height data is used to reconstruct an initial 3D city 

model of the recorded location. This research will focus on the Netherlands, for which high 
resolution aerial LiDAR data is publicly available (10). A virtual camera is placed at the correct 
location in the 3D city model by using manually estimated GPS coordinates.  

2. Camera pose optimization: To use the 3D model for augmenting a panoramic video, the 
estimated global position and rotation of the camera need to be optimized. This should be done 
automatically. 

3. Model refinement: Once the 3D city model is aligned with the panoramic video, the edges of 
the model will be adjusted so that the visible edges in the video closely match the edges of the 
3D model. This is necessary, because large differences between the video and the 3D model will  
be clearly noticeable, especially when rendering occluded virtual objects.  

4. Depth video generation: The initial 3D city model will not contain all objects that appear in the 
video, because this requires a perfectly up-to-date, high resolution data source and perfect 
reconstruction from the data. Objects like trees, street lights, cars, and pedestrians will typically 
be missing. In this thesis, those objects will be referred to as urban objects. Our system should 
automatically detect these objects and estimate their depth in each video frame. This will be 
used to create a depth video. 

The whole process of generating and matching a 3D city model and depth video should be 
automated as much as possible. Some manual modelling is acceptable for locations where the  height 
data is not up-to-date. The final 3D city model with optimized camera pose and the depth video will be 
used to augment the panoramic video by adding virtual objects. In this case, the virtual objects will be 
drones. We assume that the video is recorded in an outdoor environment with sunny weather. The 
virtual objects will be rendered with correct occlusion and they will cast and receive shadows.  The 
system that will be developed is called an Augmented Virtual Environment (AVE). An AVE is defined 
as a fusion of dynamic imagery with 3D models (11). In our AVE, the camera will be stationary.  

 
2.1.1 Proposed model 

 
Our method automatically generates a 3D city model and depth video, which are used to create an 

Figure 3 – Proposed method for Augmented Virtual Environment 
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AVE, given a 360-degree video, estimated GPS coordinates, estimated camera height, aerial LiDAR 
data of the recorded location and the altitude and azimuth of the sun, see Figure 3. It is implemented in 
the Unity gaming engine5. The automatic generation of a 3D city model and depth video has four 
components. The first component reconstructs a 3D city model from publicly available high resolution 
aerial LiDAR data. Using high resolution height data makes it possible to reconstruct detailed 3D 
structures. Having detail in these initial 3D structures makes the next steps easier, because removing 
detail is easier than adding detail. The data is first segmented by using a region growing method, as 
proposed by Vosselman (12). This method is used because it is the most versatile segmentation method, 
it works for any roof shape. It is also easy to fine tune the segmentation process, by changing the 
region growing criteria. The boundaries of the segments are traced similarly to how it was done by 
Sampath and Shan (13). Then, the boundaries are simplified using a line fitting method, which was 
also done by Poullis and You (14). This method works for any boundary shape and it is easy to change 
how much detail should be preserved. Finally, the simplified boundaries are used to create a 3D mesh 
from each segment, see Figure 4. In some cases, buildings will have to be manually added or removed 
from the 3D city model or the height data, because the height data is not always up-to-date. A model to 
take moving urban objects, such as cars and pedestrians, into account was developed as well but 
considered outside the scope for this article.  

The camera pose optimization is based on the method by Hofmann et al. (15). This naive method is 
sufficient, because in our case the initial camera pose will be relatively accurate.  Furthermore, sunny 
weather is assumed, which makes it easy to extract the sky from a video frame. The camera pose is 
optimized by maximizing the overlap of the sky in the video and the sky of the 3D city model. This is 
done with a local search on the camera parameters, using a best improvement heuristic. It should find 
the correct camera pose, assuming that the initial estimate camera pose is sufficiently accurate.  

The next component refines the edges of the 3D model, given the initial 3D city model, improved 
camera pose and panoramic video. For this, a method is used which is similar to how Pu and Vosselman 
(16) match model edges with images, see Figure 5. 

Finally, virtual objects are added to the video by using the generated and matched 3D city model 
and the depth video. The city model handles occlusions of buildings, receives shadows from virtual 
objects and casts shadows on virtual objects, while keeping the city model invisible. The virtual 
objects are lit by a single directional light source, which simulates the sun. 

2.2 Auralization 
The generated 3D model for the visualisation can be reused for the auralization as well, and 

therefore, serves a second purpose: it can be used as a model to calculate sound reflections and 
absorptions. In this research, we focus on absorption and (combinations of) single refle ctions only: 
these effects have the most impact for the perception of aircraft noise in urban environments, see 
Figure 6. But with this 3D model, this can later be expanded by also considering sound diffraction from 
edges. Surface materials of this model are not known, so an estimate must be made here with respect to 

                                                        
5 https://unity.com/ 

Figure 4 – On the left an existing Google Earth 3D model of the city centre of The Hague, and on the right the

same location but recreated using our 3D city model. 
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reflection and scattering of sound. This set up will serve as a proof-of-concept for the approach 
described and allows real-time audio reproduction for the observer. For an unobstructed sound 
reproduction between source and observer, an approach can be followed as earlier demonstrated in 
Aalmoes (8): Aircraft sound is generated at the source, based upon earlier recordings. In this case, a  
VTOL recording found on YouTube was used as source and is used, until better sound sources are 
available. Optionally, atmospheric absorption is applied based upon the distance between source and 
observer and the atmospheric conditions at the given location. Additionally, direct path and ground 
reflection are calculated and combined. For the ground reflect ion, the type of ground (e.g. concrete or 
grass) can be taken into account.  

For obstructed paths from source to observer, the facades of the 3D city models are evaluated to 
calculate if their reflected path, using the facade as mirror, can reach the observer. If so, virtual sound 
sources are added in the 3D environment on the location of the reflection. A frequency-specific filter 
will be added to this added sound source to correct for absorption of the building. At this moment, the 
material of the building is not further determined, but considered to be concrete , with limited 
absorption capabilities. Improved 3D models can help in the future to provide correct reflection 
characteristics. Finally, binaural reproduction in combination with motion sensors from the virtual 
reality headset is used to provide the observer with a directional sound field.  

For adding ambient sounds, first order 3D audio recordings, using a Zoom H2n or a Core Sound 
TetraMic microphone, are made at the same time and location while recording the video. These audio 
recordings are synchronized with the video and added using a spatial replay module to give realistic 
ambient sound atmosphere. The combination of directional sound of the virtual aircraft, the ambient 
sound from the environment, the virtual model of the VTOL aircraft, and the depth-enhanced 
panoramic video receiving cast shadows, results in an environmental simulation for UAM concepts in 
Virtual Reality. 

3. RESULTS 
For the visualisation, both an objective study and a subjective study were conducted. Auralization 

was not yet available and therefore not included in the study. The goal of the objective study was to 
evaluate the effectiveness of the automated generation of a 3D city model. Results from the user study 
are not discussed here, but can be found in (9). 

Figure 5 – Edge refinement process of a building (blue lines are the wall edges and red lines the roof edges),

with: a) The generated 3D mesh with optimized camera pose b) Projection of mesh edges to 2D c) 

optimization of wall edges d) Optimization of roof edges e) Removal of intersecting wall edges f) Smoothing

of roof edges g) The refined 3D mesh 
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3.1 Camera pose optimization 
The camera pose optimization was evaluated by running it multiple times on each test video. The  

initial generated 3D city models were used, so without refined edges, because the edge refinement  is 
done in a later stage. The starting position and rotation of the camera was varied for each run. This was 
done to test whether our camera pose estimation is able to find the correct camera  pose, given a good, 
bad, decent or terrible estimation. The starting positions and rotations were  obtained by placing the 
camera at different distances and angles away from the ground truth. A distance of 5 meters and an 
angle offset of 3 degrees were used as a good estimate. This was 10 meters and 5 degrees for a decent 
estimate. A bad estimate was 20 meters and 8 degrees away from the ground truth. Finally, a terrible 
estimation was simulated by a distance of 25 meters and an angle offset of 10 degrees. Each category 
was evaluated by using three positions on a circle around the ground truth. Since there were four test 
locations, each estimate pose category was evaluated using 3x2x4 = 24 different input poses. After 
each run, the difference between the found camera pose and ground truth camera pose was computed.  

A found camera pose was considered correct, if the difference between the ground truth was less 
than the used step size. A step size of 0.5 meter for the position and 0.25 degree for the rotation was 
used. In some cases, the found camera poses was close to the ground truth (less than 2 meters away) 
and had a slightly higher overlap score than the ground truth. This is either due to imperfections in the 
sky segmentation or because the ground truth that was used is not the actual ground truth. These found 
camera poses were considered semi-correct. A semi-correct camera pose means that it is only slightly 
off from the ground truth. It is likely that these poses will not cause problems when refining the model 
edges in the next processing step, so they will yield the same final result as a correct camera pose.  

Looking at all test locations together, the ground truth pose was found for only half of the locations, 
given a good estimate (Figure 7). The found poses that were more than two meters away from the 
ground truth position, were always a local optimum. The overlap scores of those poses were 
significantly lower than the score of the ground truth poses. A semi-correct camera pose was found for 

Figure 6 – Phases of reflection of an approaching VTOL aircraft towards the observer (white object) 

with a) a single reflected sound path where green is the path before the reflection, and yellow the path

after the reflection, b) A double reflection path, c) a direct sound path from source to observer (in 

blue), and d) the view by the observer in the virtual reality headset when there is a direct path. 
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three of the four locations, given a good estimate. A decent estimate was sufficient for two of the four 
locations. For one of the four videos, the optimized coordinates were more than 20 meters away from 
the estimated coordinates. This was due to an error in the sky segmentation. A large white building was 
lit by the sun, which caused it to be segmented as part of the sky.   

3.2 Model refinement 
The model refinement was run on each generated 3D model, given the panoramic videos and 

optimized camera poses. The camera poses were optimized from a good estimation of the GPS 
coordinates. After running the model refinement, the error of each refined model was computed. This 
was based on ground truth segmentations of a single frame of each video. Since we are evaluating the 
model refinement, which only models buildings and large structures, other objects should be ignored. 
Pixels in the bottom half of the images were also ignored, because those are typically terrain pixels and 
our method does not refine the edges of the terrain mesh.  Each pixel in the image was compared to 
the same pixel of its ground truth segmentation image. If a pixel in the model view was a sky pixel, but 
the same pixel was a building pixel in the segmentation image, or vice versa, then it was counted as an 
error. The percentage of wrong pixels was then computed by dividing the number of error pixels by the 
total number of evaluated pixels. This percentage is a measure of the error of the refined 3D model.  
Around 3.5 million pixels were evaluated for each location, which is slightly less than half the number 
of total pixels in a video frame.  

The four evaluated locations had error rates of 1.4%, 1.8%, 4.9%, and 9.8%. For the latter two 
locations, sun light and mismatches in the horizon (possibly caused by stitching errors for the 
generation of the panoramic video) resulted in errors, and for one building the contrasting windows 
were mistakenly identified as the building edge. 

4. CONCLUSION 
This research presents an approach to make a demonstrator for an urban environment with 

simulated aircraft sound, in particular low-flying drones and VTOL aircraft. Such a demonstrator can 
help with further research on UAM concepts and their impact on communities, and define mitigation 
measures if needed. It can also define research to build cities to reduce the impact of this new concept, 
as done earlier for impact with aircraft noise (17).  

A 3D city model is necessary to do the auralization, when taking reflections and absorption into 
account. It also helps in combination with 360-degree video to create an immersive environment, 
including added (artificial) aircraft and their cast shadow effects. With the proper aerial LiDAR data, 
this model can be created automatically, and the camera pose position of the recorded video can also be 
determined automatically. After edge refinement is applied, a depth model is available and allows 
aircraft to be visualised before, between, or behind the existing buildings. This model can also be used 
to take absorption and reflection for sound sources into account, as demonstrated here with a simple 
sound reflection model. An objective study on the quality of the model indicates that automatic 
generation is possible, if quality of the panoramic stitching and influence of sunlight is taken into 
consideration. 

Figure 7 – Number of correct, semi-correct and wrong 

found camera poses for all locations together, when 

running 
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Improvements for the visualisation can be made by taking object recognition into account by 
classifying pedestrian, cars, but also trees, traffic signs and poles and determining whether they are in 
front or behind the virtual objects. Also, future georeferenced data will become available that can be 
used to determine and classify the environment. This can also be used to improve the auralization by 
making use of (reflection) characteristics of materials from georeferenced data. Finally, adjustments of 
parameters and selecting the right locations, time of day, and weather  conditions for 360 recorded 
areas can determine the success of this automated method. 

For the auralization, a refined sound source model for aircraft in the UAM concept is needed, where 
operational procedures and directivity are also considered. Computational sound propagation models, 
as described by Hornikx (18), would help with a more advanced simulation in an urban city but he also 
describes the challenges still to overcome with these models. 
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Abstract
Railway noise contributes significantly to noise pollution both outside and within cities. In recent years, pre-
diction models have been developed to study exposure levels and evaluate abatement solutions. Going one step
further, auralization may provide an effective mean for evaluating perceptually the impact of railway noise on
the soundscape near existing or future infrastructures. This paper extends railway noise emission models to
propose an auralization approach based on physical parameters. As a first step, the approach focuses on rolling
noise radiated by the track and wheels, which represents the main noise source over a wide range of speed. The
excitation of the wheel/rail system by surface roughness is modeled in the time domain based on the system
mobilities. Next, rail emission is modeled as a set of discrete coherent monopoles, while the wheel contribu-
tion uses resonant filters based on its structural response. Finally, the contribution of track sleepers is included
following the standard TWINS model. Validations of the approach compare auralized pass-by levels with mea-
sured data. Preliminary results from listening tests evaluating the realism of auralized pass-by noise samples are
also presented.

Keywords: Auralization, Railway noise

1 INTRODUCTION
Railway infrastructures in urban areas represent a good solution to reduce the environmental impact of trans-

portation. With comparatively low CO2 emissions, railway transportation represents however an important source

of noise pollution. In this context, prediction tools are needed not only to evaluate and mitigate railway noise

but also to inform and communicate with populations. Existing tools, such as the ACOUTRAIN software, man-

age to predict rolling stock emission levels based on experimental source characterization for the equipments

and the TWINS model for rolling noise emission [1]. However, these models are limited to averaged levels per

frequency bands. Consequently, they are not suited for realistic audio rendering and thus, perceptual evaluation.

Also, these models in the frequency domain do not take into account impulsive sources such as the numerous

rail joints present in urban railway networks, even though they contribute significantly to the perceived noise.

Auralization [2] overcomes these limitations by synthesizing the time domain sound pressure signal perceived

by a virtual listener in a simulated environment.

In this paper, we introduce a new approach for the auralization of rolling noise as a first step towards the

auralization of railway noise as a whole. Previous studies have shown that rolling noise represents the main

railway noise source at speed between 50 and 300 km/h [3]. The approach is based on an existing model

for the simulation of rolling noise emission levels. This model, from which TWINS is also derived, has been

shown to give reliable predictions [4] and is widely used in the community. It takes as inputs the spectrum

of the combined roughness of the rolling surface of the wheels and rails, the track physical parameters and

the train speed. It then calculates the interaction force between the rail and wheel [1]. The radiated sound

levels are then predicted using a model of the vibro-acoustic response of the wheel, rail and sleeper structures.

The auralization model in the present paper follows a similar approach, applied in the time domain, to propose

appropriate audio signal processing for each one of the three rolling noise components.
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Previous work on railway noise auralization started in 2005 within the SILENCE project which lead to the

VAMPPASS software tool for the sound synthesis of a train pass-by [5]. In VAMPPASS, rolling noise is

synthesized as a broad band signal shaped according to third octave spectra obtained from measurements or

from the TWINS model. More recently, a time domain synthesis model was developed for rolling and impact

railway noise [6]. The basis of the proposed model is the generation of the rail and wheel roughness as a broad

band signal shaped according to the roughness spectrum. The resulting time signal is then fed to two filters

modeling the vibro-acoustic behavior of the wheel and track with transfer functions based on the third octave

band spectra of the CNOSSOS-EU railway noise emission model [7]. The modal behavior of the wheel/rail

system is also included in order to improve the realism of the synthesis. Even though it has not been formally

evaluated, the realism of this method appears superior compared to previous work.

The approach presented below introduces an improved auralization model to obtain realistic sound rendering

of rolling noise for any wheel/rail system, based on its physical parameters. Unlike previous work, the rail

contribution is modeled as an extended multi-source distribution in order to preserve the rail radiation charac-

teristics. In Section 2, the model is described starting with the rail and wheel response, the wheel/rail excitation

force and signal processing of the auralization system. In Section 3, measured and auralized pass-by signals are

compared in terms of sound pressure levels and perceived realism.

2 APPROACH
Railway rolling noise results from rail, wheels and sleepers vibrations [1]. The analysis of each component

shows that their acoustic contribution dominates the overall response in distinct frequency regions. Therefore, all

three sources must be accounted for in the proposed auralization model. Figure 1 shows the overall schematic of

this model for one wheel/rail contact. In this figure, the blue-colored blocks represent signal processing modules.

Sleeper synthesisWheel synthesis

Train speedMechanical parameters

Receiver position

Sound propagation

TWINS
model

source positions

Sound propagation

swheel(t) ssleeper(t)sn
rail(t)

f(t)

Rail synthesis

Wheel/rail interaction model

Wheel directivity Sleeper directivity

srolling(t)

Rail vibro-acoustic
response

Wheel vibro-acoustic
response

Wheel/rail roughness Roughness model

Figure 1. Schematic of the auralization model for one wheel/rail contact.

Signal paths in the time domain are represented as thick line arrows. The grey-colored blocks correspond to

models in the frequency domain. The model inputs consist of the mechanical parameters of the wheel/rail

system, the combined roughness of the wheel and rail contact surfaces and the train speed. Note that train
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speed may vary in time. First, the roughness input spectrum is converted to a frequency spectrum based on

train speed. The wheel/rail interaction model then constructs the time domain signal of the vertical interaction

force, f (t), between the rail and wheel. Next, this signal is fed to two filter modules representing the acoustic

response, to a unit excitation force, of the rail and wheel structure, respectively. The rail synthesis module

generates N acoustic emission signals, sn
rail(t), n = 1, . . . ,N, associated with the N monopole sources of the rail

radiation model. The wheel synthesis module generates a single emission signal, swheel(t). The third synthesis

module generates the contribution of the track sleeper, ssleeper(t). This contribution is obtained from the TWINS

model using the wheel/rail combined roughness as input. Finally, the sound propagation module applies source

to receiver propagation effects to each emission signals, including the frequency dependent directivity of the

wheel and sleeper emission models. The overall radiated sound pressure signal, srolling(t), is obtained as the

sum of all contributions. In the following sections, we further discuss each step of the auralization process.

2.1 Vibro-acoustics response of the rail
The rail roughness excitation is mainly in the vertical direction. It produces vertical flexural waves propagating

on each side of the wheel/rail contact point. These waves are the main source of rail noise. Following previous

work [1, 8], the vertical rail response is modeled as an infinite beam continuously supported by a mass between

two spring-damper layers, representing the rail pads, sleepers, and ballast. Assuming a eiωt time dependence

with t, the time and ω , the angular frequency, the rail vertical mobility is expressed as

Yr(x,ω) = iω
[
Ac(ω)e−γc(ω)|x−xe|+ iAp(ω)e−γp(ω)|x−xe|]. (1)

where x is the horizontal axis along the rail rolling surface, xe, the position of the excitation, Ac(ω), γc(ω),
and Ap(ω), γp(ω), the amplitude and propagation constant of the near-field and propagating waves, respectively.

The propagating structural wave speed is as crail(ω) = ω/λrail(ω) with λrail(ω) = ℑ [γp(ω)], the wave-number

and ℑ [.], the imaginary part operator. The structural decay rate of the rail vertical flexural wave in [dB/m]

is defined as Δs(ω) = 20ℜ [γp(ω)] log10(e) where ℜ [.] is the real part operator. As an example, the decay

rate is plotted versus frequency in Figure 2 for two sets of track parameters listed in Table 1 corresponding

to a concrete sleeper track with low and medium stiffness supports, respectively. Parameters derived from the

measured decay rate on the track used for the pass-by recordings is also included. This third track (last column

of Table 1) has wood sleepers with stiff supports. As seen in Figure 2, the decay rate is small (about
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Figure 2. Rail vertical flexural wave decay rate calculated for the track parameters of Table 1 (concrete sleepers

with “medium” and “low” stiffness supports).

1 dB/m) at high frequencies: vibrations propagate far away from the excitation point and a spatially extended
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Table 1. Rail and track properties used in the simulations.

Rail Track medium low high

Bending stiffness [MNm2] 6.42 Pad stiffness [MN/m] 300 100 210

Rail loss factor 0.02 Pad loss factor 0.2 0.2 1.35

Shear coefficient 0.4 Sleeper mass [kg] 240 240 72.8

Density [kg/m3] 8000 Sleeper spacing [m] 0.6 0.6 0.6

Mass per length [kg/m] 60 Ballast stiffness [MN/m] 100 25 25

Poisson’s ratio 0.3 Ballast loss factor 0.5 0.5 2

source model is required to represent the rail acoustic emission. As previously proposed, the model uses a

line of coherent monopoles [1] equally spaced along the rail longitudinal axis. The spacing between monopoles

is frequency dependent and chosen as a fraction, e.g., 1/5, of the smallest value between the acoustic and

structural wavelengths. The number of monopoles is chosen such that the structural response is attenuated by a

given factor, e.g., 60 dB, past the distribution end points. The complex volume velocity amplitude of monopole

n, Q(xn,ω) is proportional to the rail mobility Yr(xn,ω) at xn,

Q(xn,ω) = Q0(ω)Yr(xn,ω), (2)

where the constant Q0(ω) can be derived analytically [1].

2.2 Vibro-acoustics response of the wheel
Due to its finite geometry and material properties, the wheel response can be expressed using modal super-

position. The vertical and axial wheel mobility at location s on the web surface, Yw(s,ω), due to a vertical

excitation is approximated as the sum of the response of the first N modes,

Yw(s,ω) =
N

∑
n=1

An(s)
ω2

n −ω2 +2iζnωωn
, (3)

where the modal parameters An, ωn and ζn are the amplitude, resonant frequency and damping factor, re-

spectively, of mode n. In this work, the above parameters were characterized during previous experimental

measurements on a fixed monobloc wheel [9]. They could also be estimated from the finite element method.

The wheel radiated pressure can then be evaluated in the far field using the Rayleigh approximation applied to

the axial velocity distribution given by Eq. (3). Integrating the far-field pressure over a hemisphere enclosing

the wheel and using the orthogonality property of the structural modes, the wheel emitted sound power is then

written as

W (ω) =
ρ ω2

4πc

N

∑
n=1

∣
∣An

∣
∣2

∣
∣ω2

n −ω2 +2iζnωωn
∣
∣2
. (4)

where ρ is the air density and c, the sound speed. The wheel is now replaced by an equivalent point-source

with sound power, W (ω), and directivity function, D(θ ,φ ,ω), where θ and φ are the azimuth and elevation

angles, respectively.

2.3 Wheel/rail interaction force signal
The structural and acoustic response of the wheel/rail system for a vertical unit excitation being established, this

section now presents the time model of the interaction force. It is based on the vertical wheel/rail interaction

model introduced by Thompson [1]. The force amplitude in the vertical direction is expressed as F(ω) =
R(ω)Funit(ω) with R(ω), the combined roughness amplitude, and Funit(ω), a unit roughness point force,

Funit(ω) =
iω

Yr(xe,ω)+Yw(xe,ω)+Yc(ω)
, (5)
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where Yr(xe,ω), Yw(xe,ω) and Yc(ω) are the vertical mobilities, at the point of contact, of the rail, the wheel

and the contact spring, respectively. The contact spring is used to model the wheel/rail connection. Its mobility

is defined as Yc(ω) = iω/KH where KH is the linearized contact stiffness, with a standard value of 950MN/m.

Note that the contact force spectrum, Funit(ω) exhibits peaks due to the wheel mobility resonance frequencies.

The excitation model of Eq. (5) is now converted in the time domain to construct the wheel/rail contact force

signal f (t), as the convolution of a continuous roughness signal r(t) with the impulse response of the unit

roughness contact force f unit(t),
f (t) = r(t) ∗ f unit(t), (6)

where ∗ denotes the convolution product. The unit roughness contact force f unit(t) is obtained as the inverse

Fourier transform of Funit(ω). Similar to the approach proposed by Pieren [6], the roughness signal r(t) is

generated as a filtered white noise with third octave band spectral shaping:

r(t) =
U

∑
u=1

R(ωu) .ξu(t), (7)

where ξu(t) denotes the normalized signal in band u and U is the number of frequency bands. The combined

roughness RMS amplitude spectrum, R(ωu), is obtained as the sum of the wheel and rail roughness expressed

as a function of wavelength. A contact filter is then applied to model the effect of the extended contact area

between the wheel and rail [10]. Finally, the roughness is expressed as a function of frequency ωu using the

relation ωu = 2πV/λu where V is the wheel speed in m/s and λu is the roughness wavelength in m.

2.4 Auralization
Recalling Figure 1, the auralization process begins by generating the contact force signal, f (t), as described in

Section 2.3 above. For each frequency band u, the rail equivalent monopole sources are distributed on each

side of the contact point. The number Nωu and locations of the discrete equivalent sources, xn, n = 1 ..Nωu , are

defined such as to satisfy the constraints of source separation and spatial extent at ωu, outlined in Section 2.1.

The rail nth monopole source signal in frequency band u is obtained as

sn,u(t) = αn,u(t) fu(t − τn,u(t)) (8)

where the force signal component in frequency band u, fu(t), is obtained as fu(t) = ru(t)∗ f unit(t) with ru(t) =
R(ωu) .ξu(t), the roughness signal in band u and f unit(t), the excitation force per unit roughness. The ampli-

tude αn,u(t) represents the sound pressure amplitude radiated by monopole n at frequency ωu for a unit force

excitation at the receiver position. It is function of the monopole volume velocity amplitude given in Eq. 2 and

the source to receiver geometrical spreading factor and possibly additional propagation effects. The propagation

delay, τn,u, for the same source is calculated as

τn,u(t) =
rn(t)

c
+

|xn − xe|
crail(ωu)

, (9)

where rn(t) is the source-receiver distance and crail , the frequency dependent speed of the flexural waves in the

rail. The above delay includes both sound propagation in air and the phase offset between monopoles induced

by the finite structural wave speed. Note that αn,u(t) and τn,u(t) are time dependent due to wheel motion. The

rail total sound pressure signal is then obtained by summing signals sn,u(t) over all bands and monopoles.

To retain the modal behavior of the railway wheel in the emission synthesis, the wheel source signal generation

uses a series of damped harmonic resonators with resonant frequency, damping factor and amplitude derived

from the radiated pressure at distance 1 m from the wheel equivalent source, with power given by Eq. (4). The

sound pressure source signal emitted by the wheel at 1 m is then obtained as

swheel,1m(t) =
N

∑
n=1

f (t)∗hn(t), (10)
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with N, the number of resonance modes and hn(t), the impulse response of resonator n.

The sleeper contribution is modeled as a single point source, located at the wheel/rail contact point. The

equivalent source levels are based on the TWINS model which calculates sleeper emission levels in third octave

bands as a function of roughness amplitudes [1]. The sleeper signal is constructed using a band filtered white

noise as for the excitation force signal.

The wheel and sleeper equivalent source pressure signals at 1 m are then propagated to the receiver position

including directivity, propagation delay and attenuation effects.

3 RESULTS
The proposed approach is now applied to construct pass-by sound samples and compare them to recorded

signals of a real train pass-by. Measurements of a Bombardier AGC passenger train composed of 4 wagons

and 5 bogies, with 2 wheels per bogie, were carried out on a dedicated track. Train speed is set to 80 km/h

for which pass-by noise is dominated by the rolling noise contribution. Measurements include two distances

from the track, 7.5 m and 25 m. The track decay rate and surface roughness were both measured. Wheel

roughness was assumed to be close to previously measured data on a similar wheel. It should be pointed out

that measured decay rate exhibits unusually high values above 2000 Hz. The track parameters derived from

this measured decay rate, referred to as “high” in Table 1, result in strong fluctuations of each wheel pass-

by levels, the rail behaving as a localized point source above 2000 Hz. However, the same level fluctuations

are not present on the recorded pass-by samples. It was thus decided to test another set of track parameters,

referred to as “low” in Table 1, with values matching standard decay rate measurements found in the literature.

All simulated pass-by samples use U = 22 third octave bands between 50 and 6300 Hz, thus covering the

1 2 3 4 5 6 7 8 9
Temps [s]
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60

70

80

90

L AF
eq

 [d
B(

A)
]

Measurement
High stifness
Low stifness

Figure 3. A-weighted pass-by sound pressure level at 80 km/h: measured (red solid line), LAeq = 80.4 dB(A);
auralized, high stiffness (purple dashed line), LAeq = 77.9 dB(A); auralized, low stiffness (dashed-dotted blue

line), LAeq = 82.7 dB(A).

main frequency content of rolling noise. The wheel directivity follows the CNOSSOS-EU simplified emission
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model [7], and the sleeper contribution is assumed omni-directional [1]. The test samples are generated for

several model configurations. Wheel damping is known to increase under rolling conditions compared to values

measured on fixed wheels. Simulated samples thus include a 10 time and a 20 time damping factor. Three

rail equivalent source distributions are also included: a single-source configuration with the CNOSSOS-EU rail

directivity, and two multi-source configurations with 5 and 2 monopoles per wavelength and distribution lengths

associated with a 60 dB and a 5 dB attenuation, respectively.

Figure 3 compares the A-weighted sound pressure level, LAFeq, using a 125 ms (fast) averaging window, of the

simulated and measured sound samples during the train pass-by at 7.5 m. The simulated samples both use a

rail source distribution with 5 monopole per wavelength and a 60 dB attenuation length and a 20 time damping

factor. The influence of rail support stiffness on the radiated sound field can be clearly seen on the curves.

As explained above, the high support stiffness generates strong level fluctuations which are not present on the

measured levels. The low support stiffness better match the measured levels. Further improvements could be

achieved with better track parameter identification.

Next, listening tests were carried out to assess the perceived realism of the auralized pass-by noise. Twenty

participants (17 male, 3 female), aged from 21 to 53 years old are asked to judge the realism of a set of

simulated samples in comparison with the recorded pass-by sample used as the reference. The perceived realism

obtained for the first 7.5 m distance is presented in Figure 4. Results show that the single-source rail emission

Figure 4. Listening test ratings of realism. Ratings ranged from 0 (very poor realism) to 100 (very high

realism). Results are averaged across participants and repetitions. Vertical bars represent the 95% confidence

interval of the mean value.

model is better perceived than the multi-source version based on the same track parameters. This is explained

by the strong level fluctuations resulting from the high support stiffness which do not occur on the measured

sample. The single source model does not contain these fluctuations and therefore sounds closer to the measured

case. Using the low stiffness track parameters yields improved simulated samples in terms of perceived realism.

In this case, realism is similar to the single-source distribution. Results also show that higher wheel damping

improve realism compared to damping values measured on a fixed wheel which is consistent with previous

results showing damping increases under rolling conditions.
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4 CONCLUSIONS
This paper introduces a new auralization model for railway rolling noise based on the physical parameters of

the wheel and track. The approach models the excitation of the wheel/rail system induced by surface roughness

in the time domain, based on the rail and wheel mobility functions. Rail and wheel noise is then obtained by

filtering the excitation signal through the modeled vibro-acoustic response of each structure. The rail emission

uses a line of coherent monopoles to preserve the spatial characteristics of the radiated sound field. The wheel

response which is dominated by its structural modes is modeled as a set of resonant filters. Finally, track sleeper

noise is included in the synthesis following the TWINS model.

The proposed model is evaluated quantitatively and perceptually by comparing auralized pass-by noise with a

real train pass-by recording at 7.5 m from the track. Results show that A-weighted short-time averaged sound

pressure levels are predicted within 2 dB, provided the track parameters are well estimated. Preliminary analysis

of the listening tests show that the model configuration such as support stiffness, rail structural damping and

multi-source distribution, has an influence of the perceived realism. Overall, when properly configured, the

proposed technique yields very realistic sounds with perceived realism between 6.5 and 7 on a 0 to 10 scale.
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Abstract
The annoyance to wind turbine sound is today well known. There is no doubt that increased sound pressure level
causes in general an increased annoyance. However, when it comes to additional descriptors of the wind turbine
sound, such as e g equivalent frequency spectrum or amplitude modulation, there is no consensus on what
parameters that are most important. In the research project Wind Turbine Noise Effects on Sleep (WiTNES)
there was a need for 8 hour long sound signals from wind turbines that were completely free of extraneous
sounds. Recordings from reality are difficult to maintain free from disturbances. Instead a parametric synthesis
method was developed that is capable of creating wind turbine sounds of arbitrary length. The sounds can be
designed in terms of equivalent frequency spectrum, what frequency bands that have amplitude modulation as
well as frequency dependent amplitude modulation strength and variation. Recordings of wind turbine sounds
at immission distances from different wind turbine types were used to find relevant values for the parameters.
This paper describes the synthesis method and some examples of input parameters.
Keywords: Wind turbine noise, Wind turbine sound, Auralization

1 INTRODUCTION
Wind turbine sound can lead to self-reported sleep problems and annoyance among people living in the vicinity
of the turbines [11, 4]. The amplitude modulation (AM) of wind turbine sounds is believed to have a strong
influence. Amplitude modulations are an easily perceivable sound characteristic associated with a higher risk
annoyance [1, 12]. However, compared to annoyance we know rather little on how sleep is affected by wind
turbine noise. Sleep studies require the ability to play back a wind turbine sound that has a high similarity
to what nearby residents could be exposed to, and at the same time contain no extraneous sounds that may
"falsely" trigger psychological or physical response.
Early in the project it was concluded that it is unlikely that we can find sufficiently long recordings that can be
used directly in the sleep studies, especially since the recordings should not include strong wind noise, birdsong,
rainfall, or other distinct background noise events. The use of short sound files, on the other hand, can lead to
perceived periodicity by the subjects, and may thus affect the final results. Instead of using direct recordings,
the project chose to find a method to synthesise wind turbine sounds from data representative to wind turbine
type and meteorological situation. With synthesised files it is also possible to control exposure levels, frequency
spectrum and various amplitude modulations.
In the following, key parameters are presented for wind turbine sounds. The parameters can be used to synthe-
size sound files of arbitrary length, and with a sufficiently high quality for sleep studies. This paper describes
the method to synthesise wind turbine sound files that have been used in sleep studies in the WiTNES project
to study if wind turbine noise at the Swedish requirement limit, Leq= 40 dBA, can influence sleep. The sleep
study, including descriptions of the chosen noise exposures, the reproduction system and sleep disturbance eval-
uation methods, will be presented in future papers.

2 AMPLITUDE MODULATION IN WIND TURBINE SOUNDS
Aerodynamic sound is generated when the rotor blades of a wind turbine move through the air, producing a
broad band rhythmic, i.e. amplitude modulated, sound. . Local meteorological conditions at the the wind turbine
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rotor influences the character of the emitted sound. In certain meteorological conditions, wind shear can lead
to local stall in the outer parts of the rotor area, inducing strong amplitude modulation and significantly higher
sound pressure levels in the low frequency region [8]. Previous studies also show large differences in sound
between wind turbine types [7], indicating that there are important differences in acoustic behaviour between
wind turbine models, differences that are modulated by the local meteorology with respect to both space and
time.

3 RECORDING SITES
There are detailed semi-empiric models of noise radiation from wind turbines in the literature (see e g [9, 6])
with reasonable fit to experimental data. However, these prediction schemes require detailed information that
in general is not publicly available. This in combination with the large observed differences in radiated sound
power from wind turbines reported in e.g. [7] makes it unlikely that there exists a general set of any physical
parameters that can be used to predict the sound from all wind turbine models.
The WiTNES project has collected four datasets at different locations in Sweden, where measurements and
recordings has been made on dwellings near single wind turbines. All recordings were made with equipment
fulfilling the requirements for a Type 1 sound level meter. All wind turbines included here have been verified in
measurements regarding their sound power level, i.e. they fulfil the manufacturer’s specifications. The locations
are briefly described in Table 1. The locations in the table could thus be argued to possess a large acoustic
variation, even though it does not represent all available wind turbine types or manufacturers. The temporal
influence of meteorological variation on wind turbine sounds is implicitly included in some of the data sets
since recordings were made over long time.

Table 1. Brief description of the immission recording sites.

Location Power
(MW)

Turbine
diameter
(m)

Hub
height
(m)

Distance
(m)

Number of
recordings

Total
recording
length

Calendar
time

1 1.8 70 65 550 7005 ∼117 h ∼1 month
2 2.0 90 80 580 2 3.5 h 4 h
3 2.0 90 105 500 850 ∼7 h ∼1 month
4 2.4 110 95 650 30 30 min ∼8 h

3.1 Equivalent sound level spectra
It is not the absolute equivalent sound level spectrum that is of main interest; the equivalent level spectrum
shape is more important. Therefore, the equivalent sound level in each 1/3 octave band was normalised with
Leq (the total equivalent sound level, unweighted with respect to frequency) to get the partial level of each 1/3
octave band through

Leq,partial,i = Leq,i −Leq (1)

for each 1/3 octave band i between 20 and 5000 Hz. The resulting partial spectra for chosen short clips from
locations 1-4 are shown in Figure 1. The clips were chosen for their perceptually strong amplitude modulation.
All locations follow a similar spectrum shape, albeit with spectrum variations. The differences are larger at
higher frequencies but those differences are related to background sounds such as wind hiss, birdsong and other
disturbances. Note that the spectra shown in Figure 1 are not mean values for various meteorological situations
or over different time periods for the same turbine. They describe a sort of worst-case scenario, chosen for
their subjectively strong level and distinct amplitude modulation. The recordings evaluated in Figure 1 sound
subjectively different despite the similar equivalent spectra, and it is thus necessary to analyse the recordings in
the time domain to find their amplitude modulation (AM) characteristics.
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Figure 1. Evaluated partial sound pressure levels in 1/3 octave bands for all locations.

3.2 Amplitude modulation parameters
The amplitude modulation is commonly described using the A-weighted signal, but here the amplitude modula-
tion is studied in the 1/3 octave bands between 20 and 5000 Hz. A few examples of individual 1/3 octave bands
for location 3 are shown in Figure 2 to demonstrate the main aspects. However, evaluations were done for all
1/3 octave bands. In the graphs a ’Fast’ time weighting was added to the signal for visibility. The A-weighted
total sound level using the same time weighting is also shown for reference. After making similar graphs for
the other locations in Table 1 it was concluded that the amplitude modulation in individual frequency bands
is dependent on turbine type. In the figure a generalised time modulation shape is included. This generalised
shape is deduced after visually evaluating over 100 individual pass-bys for the different locations and frequency
bands, and it uses three parameters (as visualised in Figure 2):

1. Modulation strength

2. Top width

3. Rising slope of the modulation peak

Interestingly the decay slope of the modulation peak seems constant for the different wind turbine types in-
cluded here. The evaluated value is close to 20 dB/s for individual 1/3 octave bands that includes amplitude
modulation. This is a significantly slower decay rate than for a ’Fast’ time weighting, which has a decay rate of
35 dB/s. The three amplitude modulation parameters shown in Figure 2 vary over time in a seemingly random
way. Meteorological effects between wind turbine and dwelling probably partly cause this, since propagation
distances are generally 500 m or longer.
Limited listening tests held with a few experienced listeners showed that the modulation strength has largest
influence on the subjectively perceived sound; the rising slope and the top width has less influence. This
corresponds well with findings in other listening tests [13].

3.3 Evaluation method of amplitude modulation strength
Currently there is no generally accepted method for amplitude modulation strength evaluation. In this paper we
adopt the formulation used in [5]:

∆L = 20log
(

p0 + p f

p0 − p f

)
(2)
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Figure 2. Time sequences for individual blade pass-by for location 1 in selected 1/3 octave bands.

where p0 is the steady root mean square (RMS) value of the signal, corresponding to the equivalent level, and
p f is the RMS value of the signal at the blade pass-by frequency.
The blade pass-by frequency has been evaluated using the Discrete Fourier Transform (DFT) of the signal
magnitude of 10 s recording clips. The DFT has rather coarse frequency resolution when working with short
signal lengths. A 10 s sound clip, as used here, gives a frequency resolution of 0.1 Hz, which in turn leads to
a resolution in rotations per minute (RPM) of 2 RPM. A resolution of 0.1 RPM is needed to create realistic
sound files. To obtain this, a combination of the Discrete Fourier Transform (DFT) and direct calculation of the
Fourier coefficients has been used, a technique usually called Zoom-FFT [10].
The amplitude modulation in each 1/3 octave band at the blade pass-by frequency for the 10 s clip can then
be evaluated by a single-frequency DFT. A Hamming window together with 50 % signal overlap has been used
for all signal evaluations in this paper.
The evaluation method for amplitude modulation used here is similar to the Reference Method proposed by the
Institute of Acoustics [3] in the overall approach, but there are significant differences in the method details.
The IoA Reference Method uses three distinct frequency bands (50-200, 100-400 and 200-800 Hz), while the
method presented here uses 1/3 octave bands. Both methods use Fourier Transform of the signal magnitude to
find the blade pass-by frequency. Our formulation of the AM strength (above) is evaluated in the frequency
domain while the IoA Reference Method is evaluated after an inverse Fourier transform.

3.4 Evaluation results for amplitude modulation
The method presented above was applied to the full data set of all locations in Table 1. The left graph in
Figure 3 shows a histogram of the evaluated A-weighted AM for all locations. The histogram uses proportional
occurence instead of absolute values in order to facilitate comparisons between the locations since they have
very different overall recording times.
However, it was suspected that high AM strengths at low frequencies could be caused by wind noise. Therefore
a linear regression was made between individual 1/3 octave band AM and the A-weighted AM using a first-
order polynomial. Note that this does not limit the importance of amplitude modulation at low frequencies, the
correlation states if AM at low frequencies are simultaneous with A-weighted AM. The right graph in Figure 3
shows the AM strengths only for the 1/3 octave bands where R2 ≥ 0.2. Note that this choice only applies to the
existence of AM, not to the absolute equivalent sound level nor the equivalent frequency spectrum. Different
amplitude modulation spectra, as exemplified in Figure 3, are probably linked to the subjectively qualitative
differences that exist between sounds from different wind turbine types [14]. The figure clearly shows that
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Figure 3. Evaluated amplitude modulation for the locations. Left: Relative occurence frequency of A-weighted
AM strength. Right: AM strength in 1/3 octave bands with R2 ≥ 0.2.

some turbine types show strong amplitude modulation in the low frequency region (below 200 Hz), while other
types do not.
The chosen methodology focuses on the ’worst case’ situations for amplitude modulation strength, and which
frequency bands that are modulated. There will certainly be periods of time at any dwelling where the wind
turbine sound will be less pronounced, less loud and thus less annoying. However, little is known of which
time base or statistical percentage level should be used to assess annoyance or sleep disturbance at dwellings.
This is also noted by the Institute of Acoustics in their report [3].

4 Synthesis of wind turbine sounds
4.1 Description of the synthesis method
The sound file synthesis was designed to give representative sounds for an outdoor situation in free field, and
it used the flow chart in Figure 4. The input data used rotation frequency and number of blades for the turbine
as global information to get blade pass-by frequency. Amplitude modulation data through modulation strength,
top width and rising slope were given in each 1/3 octave band. Each band was adjusted to its target equivalent
level after the modulated 1/3 octave band signal was constructed, i.e. the time-varying signal was evaluated for
its equivalent level, and adjusted to its desired value. Realistic parameter values for the modulation strengths
and equivalent levels were taken from the evaluations in section 3.4.
The individual blade passages need to be non-identical to sound real. A two-step randomisation for the modu-
lation strength was introduced to make the sounds more realistic:

1. A random amplification of the wide band amplitude strength that describes each individual blade pass-by
strength. The amplification is given in dB, and follows a normal distribution with zero mean value and
1 dB standard deviation. Note that the amplification can be below zero, i.e. individual blade passes are
damped.

2. The wide band random amplification in step 1 was scaled for each 1/3 octave band individually using
1/4 of the modulation strength as standard deviation for each 1/3 octave band respectively. The actual
modulation strength for all 1/3 octave bands are thus correlated with each other. In other words, a strong
blade pass by is strong in all 1/3 octave bands.
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Figure 4. Flow chart of the sound file synthesis.

At a real wind turbine site the transmission path from source to receiver is never constant. A random time
delay (normally distributed with zero mean value and standard deviation 50 ms) was also added between the
individual blade pass-bys to mimic variations in sound travel time between wind turbine and receiver. A second
normally distributed time delay with zero mean value and 20 ms standard deviation was furthermore added to
each 1/3 octave band individually. This last random time delay was uncorrelated between the 1/3 octave bands.
Not all 1/3 octave bands show AM for real wind turbines. For bands with no AM a time-varying shape using
one random number per minute and one uncorrelated random number per second was used. The time envelope
was then linearly interpolated over time to avoid sudden sound strength changes. The equivalent levels for 1/3
octave bands without AM were then adjusted in the same way as for a 1/3 octave band with AM.
The influence of turbulence along the transmission path was modelled similarly to the method used in [2]. The
turbulence fluctuations result in amplitude variations also on a shorter time scale than that of a blade passage.
Air absorption along the propagation path was also introduced using the method described in the standard ISO
9613-1.
Experienced listeners who are used to wind turbine sounds have been used in the development of the synthesis
method to evaluate the subjective quality of the resulting wind turbine sounds. The final method, which has
been described here, have been found to produce sounds that subjectively sound like wind turbines. Listening
tests to corroborate this statement will be performed in another project.
Other noise sources, such as background noise caused by wind in nearby vegetation or distant road traffic, can
be added to make the sound more realistic. However, any such addition would have an impact on the total level
and the AM of the final sound clip.

4.2 Evaluation of synthesized examples
Three test cases were designed to validate that the synthesis method actually can produce sound files with
arbitrary AM:

1. A frequency independent AM, i.e. a modulation that is equally strong in all 1/3 octave bands

2. AM exists in the 1/3 octave bands between 160 and 500 Hz

3. AM in the 500 Hz 1/3 octave band
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Figure 5. Evaluated AM of synthesised wind turbine sounds according to test cases 1-3.

The AM strength was varied between zero (no AM) and the maximum value found from the real life recordings
as described in section 3.4. All test cases used 8 sound files of 5 minute length with AM nominal range from
0 dB up to 14 dB with 2 dB step. The equivalent level spectrum of the signals was set to a spectrum similar
to the spectra shown in Figure 1.
Evaluated results from all test cases are shown in Figure 5, where it can be seen that the AM evaluated from
the synthesized sound files follow the used input data. The AM shown in the figure are for 90 % occurrence
levels. Variations of around 1-2 dB can be seen for test case 1 (AM independent of frequency), at the lowest
frequencies somewhat more, but this variation is expected since the synthesis method includes randomisation of
the blade pass-bys. For test cases 2 and 3 the AM strength is high in the intended 1/3 octave bands, and low
outside of these bands. The method is thus shown to be capable of creating high AM in broad band, bandpass
in two octave bands, and in one single 1/3 octave band.
The equivalent level spectrum of the synthesized file was well within 1 dB from the desired value for all 1/3
octave bands up to 2 kHz. The differences were larger at higher frequencies, which was probably linked to the
air absorption. The low sound levels at high frequencies makes these differences unimportant in subjective tests.
This shows that the presented synthesis method is capable of producing sound files with arbitrarily desired
equivalent level spectrum and amplitude modulation spectrum simultaneously. This synthesis technique can thus
be an essential tool for creating realistic stimuli in the subjective listening tests, or in sleep studies.

5 Discussion and conclusions
An evaluation method for amplitude modulation from in situ wind turbine sound recordings has been presented
in this paper. The proposed method only uses the sound files, and is shown here to be applicable both on
A-weighted signals as well as 1/3 octave band signals. Evaluations on sound recordings at dwellings from four
wind turbine locations in Sweden showed that the tirbines have similar equivalent level spectra, but different
amplitude modulation characteristics. The most important conclusion was that the four locations showed signif-
icantly different amplitude modulation strength spectra, which is probably linked to their subjectively perceived
sounds.
The synthesis method that has been described in this paper is shown to be capable of producing sound files that
have an equivalent level spectrum and arbitrary amplitude modulation that can be tailored to perform subjective
listening tests or sleep studies. Experienced listeners have stated that the synthesized sounds are subjectively
close to real wind turbine sounds. The synthesis method gives a large advantage over using recordings, since it
is free from unwanted extraneous sounds.
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Abstract
Auralisation is becoming more commonplace as a means of communicating and disseminating plans for changes
in our environmental landscape due to major infrastructure projects such as road, rail and airport developments,
where noise can be a significant issue. This paper presents an approach to this challenge in the context of
a major public consultation for a UK road project as well as commenting on different means for facilitating
presentation of, and engagement with, both audio and visual material. Although such methods are generally
used for information only, every effort is made to ensure that the final result is both plausible and comparable
to existing on-site conditions, and calibrated accordingly, with a view to supporting other more standardised
methods and metrics. However, it is also possible to develop more quantitative measures as to how effective and
successful such auralisations are in terms of conveying a representation of a given scene, and any planned for
interventions. In this work the Self Assessment Manikin and soundscape classification descriptors are used in a
series of listening tests to better understand the approach that has been adopted for these types of projects.

Keywords: Sound, Insulation, Transmission

1 INTRODUCTION
This paper presents the results of a listening study that uses the Self Assessment Manikin and soundscape

classification descriptors, as presented previously in (14)(15), for road traffic auralisations (16) as typically pre-

sented at public consultations as part of the UK planning consent process. The motivation for the study is to

understand if these methods for rating and categorising auralisations, or sound demonstrations, using simple and

quick to administer surveys might provide a way to enhance the planning and decision making processes when

considering the potential noise impacts of a proposed development. Note that the use of sound demonstration is

preferred as a less technical and more accessible term when dealing with and presenting auralisations to non-

technical stakeholders and user groups. We also analyse the results using the Perceived Noise Impact Rating

(RPNI) (12) to better understand the general applicability of this metric for quantifying attitudes towards noise

impact.

The remainder of the paper is organised as follows: first we provide some background to the consultation pro-

cess and the adoption of auralisations for stakeholder engagement; Section 3 presents the method and technique

for the survey and is followed by the results and conclusions.

2 BACKGROUND
Nationally Significant Infrastructure Projects (NSIPs) are developments considered by the UK Government to

be of significant national importance such that the developer must apply to the Planning Inspectorate for a

Development Consent Order (DCO) to receive permission to undertake the work (3), rather than the more usual

application for local planning permission. The process of applying for a DCO is set out in the UK Planning Act

2008 and has 6 stages: Pre-application; Acceptance; Pre-examination; Examination; Decision and Post-Decision.

The first stage, Pre-application, is relevant to this work as there is a statutory requirement for the developer

to consult the public, and other relevant concerned bodies, and provide an opportunity for them to comment
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and potentially influence the developing proposals. Prior to this statutory consultation it is not uncommon

for developers to undertake an additional non-statutory consultation where design options are presented and

comments from the public and other bodies are invited.

The government provides relevant guidance on consultation principles (1)(2) and included in this advice are sug-

gestions to, "avoid lengthy documents", and provide, "enough information to ensure those consulted understand

the issues and can give informed responses". The guidance also suggests that consideration should be given to

tailor the consultation to the needs and preferences of different groups or demographics, such as older people

or younger people which might not respond to traditional consultation methods.

In relation to communicating noise impacts, the traditional approach is to present noise level predictions for any

proposed changes in the form of sound-level/noise contours that present the relative change from a baseline.

This usually requires an acoustic specialist to help interpret the resulting contour maps and so avoid misin-

terpretation of what changes in decibel quantities might mean. While such contour maps are well established

as a means of conveying the results of noise level predictions, they do not help many stakeholders understand

what the real-world impact might be in terms of changes in overall or frequency dependent sound level, and by

extension what the resulting qualitative sound character might be. Furthermore, this limitation also makes the

positive/negative impacts of any scheme, design or planned mitigation strategy equally difficult to communicate

effectively.

Such consultations are seen as the best opportunity for local communities, local authorities and other stakehold-

ers to influence proposed designs and so understand any potential impacts, positive and/or negative. Hence, in

recent years, there has been a growing interest and demand for the use of auralisations - or sound demonstra-

tions - at stakeholder engagement events on NSIPs to more effectively present, and enable engagement with,

changes in noise levels, and by extension, the associated soundscape. Sound demonstrations presenting multi-

ple acoustic contexts arising from various scheme options can therefore help to highlight the potential impact

of the proposed scheme, particularly in relation to road, railway or airport developments, where changes in

noise levels resulting from the scheme’s completion are potentially significant and of wider public concern. By

making these comparisons directly, stakeholders are able to arrive at a more informed opinion about how the

development might impact on them and their community.

However, what is missing from any such consultation, given that the sound demonstrations are used to inform

rather than to formally test, is any robust measure of the perceived impact of the resulting soundscape as

presented to a listener. The next section presents the methods that will be used to gather and assess such

perceptual data based on established methods from environmental soundscape studies.

3 METHOD
This section introduces the key methods used in the listening tests that follow, the metrics that will be derived

and analysed, a description of the the auralisations used in the study, and the approach to administering the

listening test survey itself.

3.1 The Self Assessment Manikin
The Self Assessment Manikin (SAM) is a method for measuring emotional responses to various stimuli devel-

oped by Bradley and Lang in 1994 (5). It was developed from factor analysis of a set of Semantic Differential

(SD) pairs rating both aural (6) and visual stimuli (4) (using, respectively, the International Affective Digital

Sounds database, or IADS, and the International Affective Picture System, or IAPS). The three factors devel-

oped for rating emotional response to a given stimuli are:

• Valence: How positive or negative the emotion is, ranging from unpleasant feelings to pleasant feelings

of happiness.

• Arousal: How excited or apathetic the emotion is, ranging from sleepiness or boredom to frantic excite-
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Figure 1. The Self-Assessment Manikin (SAM) as used in this study, after (5) previously used in (13).

ment.

• Dominance: The extent to which the emotion makes the subject feel they are in control of the situation,

ranging from not at all in control to totally in control.

These results were used by Bradley and Lang to create the SAM itself as a set of pictorial representations of

the three identified factors. The version of the SAM used in this experiment (as shown in Fig. 1) contains only

the Valence and Arousal dimensions following results from previous studies showing these two factors of the

SAM to be most useful in the context of environmental soundscape assessment (13).

3.2 Soundscape Classification Descriptors
A soundscape is usually considered as the aural equivalent of a landscape (10), but more recently the ISO
12913-1:2014, Acoustics - Soundscape - Part 1: Definition and conceptual framework (7) has provided a more

precise definition, where soundscape is defined as the perception or understanding of an acoustic environment

which is made up of sound sources. Typically, sound sources can be split into three categories - natural,

human, and mechanical - and previous work has shown how the prevalence of sounds belonging to these cat-

egories might affect the subjective rating of a soundscape in terms of emotional experience, as well as how a

soundscape is perceived as belonging to each of these three categories when used more generally as soundscape

classification descriptors (14). The work showed that soundscapes rated as more mechanical in nature tend to

exhibit lower valence and higher arousal in the SAM results, and that highly natural soundscapes will exhibit

high valence and low arousal. We adopt these descriptors again in the survey for this work in order to gain

further understanding of how they might provide a more robust and quantitative insight to the collective opinion

of a surveyed population subjected to a series of prepared sound demonstrations.

3.3 Survey Approach
The survey was administered as an online set of 20 questions which required the subject to use over ear

headphones set at a constant volume and undertaken in a relatively quiet space. The majority of the participants

were audio or acoustics professionals from various parts of the world, including New Zealand, Australia, USA

and Canada, but predominantly the UK. Each question required a 10s auralisation to be rated using the Valence

and Arousal dimensions of the SAM (using a discrete selection on the 5-point scale of the SAM) and using

the three soundscape classification descriptors (also using a discrete selection on a 5-point scale ranging from

’Not At All’ through to ’Very Much’). The 10s audio clips represented five locations relating to a typical road

traffic scheme in the UK Without and With the proposed scheme in place - that is, the soundscape as currently

experienced, and the soundscape as potentially experienced with any proposed changes made. The participants

were not aware of these locations, nor whether the examples were presented with or without scheme. The clips

were presented in a random order for each participant. The results are presented in Section 4 and include the

perceived noise impact rating which is explained below in section 3.4. The audio clips consist of a mix of

rural countryside sounds with distant road traffic, busy A-roads (dual and single carriageway), and road junction

approaches consisting of vehicles moving at different speeds and accelerating/decelerating. Visual stimuli did

not accompany the audio clips to avoid biasing test subjects towards preference with or without scheme, and to
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Figure 2. In (a) an example of a the circumplex model of affect defined by the valence and arousal dimensions

of the SAM. A 2D graphical representation of emotion. In (b) a visual representation showing how RPNI maps

onto the the Circumplex Model of Affect.)

avoid any bias based on recognising the locations being presented.

3.4 The Rating of Perceived Noise Impact
Valence and arousal can be used to represent emotional state on the Circumplex Model of Affect, as shown in

Figure 2(a) (9). Derived from this we also used the Rating of Perceived Noise Impact, RPNI , in this study as

first introduced in (12):

RPNI = 1−0.5(1−A+V ) (1)

where parameters A and V are the Arousal and Valance scores from the SAM. RPNI can therefore be determined

for an individual or across a population, or subset or scenarios, providing the convenience of a single figure

objective parameter, but with a relationship to the underlying subjective responses for a presented soundscape.

RPNI has been shown to be an appropriate measure of the subjective experience of a soundscape, and potentially

able to identify differing emotional states not shown by arousal and valence results individually (13). Figure

2(b) presents a visual representation of how RPNI maps onto the Circumplex Model of Affect from which it has

been derived.

4 RESULTS
In the following the results are presented from 28 test participants for the Soundscape Categorisation, SAM and

RPNI for responses to all 20 questions for the 5 locations With (W) and Without (WO) the scheme in place in

Figure 3, Figure 4 and Figure 5 respectively. For each rating scale the mean value is plotted with bars showing

the standard error.

At Locations 1, 2 and 5 it can be observed that with the scheme in place the participants have rated the

soundscape in a positive way - higher valence, lower arousal, lower RPNI . This quantification supports the

informal comments and opinions expressed by some of the participants after listening to the clips. Similarly,

for location 3 there seems to be a slight benefit from the scheme, for example at this location the existing

road is barely audible and becomes even less audible with the scheme in place. This situation is captured and

confirmed by the survey results, the arousal is slightly lower and the valence is slightly higher with the scheme

in place and this is also supported by the RPNI which is lower with the scheme in place. It is worth recalling
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Figure 3. Results of the categorisation scoring for all 5 locations with (W) and without (WO) the scheme in

place. The mean value is plotted with bars showing the standard error.

that the W and WO scheme scenarios are presented randomly and cannot be directly compared AB style by the

participant. This is an example of the robustness of the survey method for capturing the opinion towards more

subtle changes in the perceived soundscape.

The results for location 4 are mixed/negligible and again this corresponds with the informal comments of the

participants. At location 4 the road traffic sound level does not differ between with and without scheme, this

is because the busy local road heard is not affected by the scheme being in place and as a result masks any

increase in road traffic resulting from the scheme. This means there is no change at this location, and it is

not a pleasant place to be, both of which are apparent when looking at the categorisation results, which are

the same in both with and without scheme across all of the results in Figure 3, Figure 4 and Figure 5 (a),

Further to this L4 and L5W scored very similarly for valence and RPNI , despite one being distant highspeed

road traffic and the other being close proximity engine and tyre noise including acceleration and deceleration

vehicle movements. If we put these in to the context of L5WO which was the soundscape that was rated as

most mechanical and received the lowest valence scores, it suggests that while L4 and L5W are not idyllic the

results could well be indicating that RPNI in the region of 0.5 and 0.6 indicates an acoustic environment that is

tolerable.

In addition, it can be observed that for this dataset that the mechanical and valence scores are inversely related.

This suggests that the presence of mechanical sounds when being used to quantify vehicles and road noise

might well be used to estimate the valence scores, and as such reduce the number of ratings that consultees

need to do.

Overall, looking at the RPNI scores, and calculating the differences between them With and Without scheme is

one way to simply indicate objectively the mood of the surveyed population, see Figure 5 (c). This quantifies

the most beneficial and contentious parts of a scheme and where people are less concerned about noise.

The test results were also tested for normality using a Shapiro-Wilk’s test (11). This testing indicated that none

of the results were normally distributed. As such, a Mann-Whitney U-test (8) has been used to evaluate the

significance of the effect of the presence of each scheme at each of the five locations.

Figure 5 (b) shows the Mann-Whitney U-test results for the five locations, indicating where there is a significant

difference between the results for each rating scale (i.e. valence, arousal, the three soundscape categories, and

RPNI) for each of the five locations, comparing the location with and without the scheme present in each case.
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Figure 4. Results of the SAM scoring of Valence and Arousal for all 5 locations with (W) and without (WO)

the scheme in place. The mean value is plotted with bars showing the standard error.

It is clear from these results L3 and L4 which as previously described have very little or no change, respectively

have been quantified as such by the participants of the survey by looking at the Mann-Whitney U-test results.

5 CONCLUSIONS
In this paper we have presented results of a soundscape listening survey undertaken with the goal of quanti-

fying the collective opinion of the soundscape survey participants. Currently the feedback, if any, from sound

demonstrations delivered at public consultation does not tend to capture or quantify the opinions of the people

listening to them. It could be helpful to the planning process if general mood and attitudes of the population

could be quantified in some objective way and this work has explored this possibility.

The results have indicated that a combination of the soundscape categorisation rating and the valence and arousal

dimensions of the self assessment manikin presented in the form of RPNI could provide a means of quantifying

subjective opinions about a scheme. This approach has potential value to the planning application process

to help developers quantify where public opinion about noise is being driven by factors/attitudes other than

noise, and to communicate in the planning application the locations where changes in road traffic noise level

are subjectively negligible, adverse or beneficial. The relative magnitude of the planned changes can also be

indicated in the form of differences in the perceived noise impact rating between with and without scheme in

place.

The results also support the findings from previous work in (14) that the soundscapes rated as more mechanical

in nature tend to exhibit lower valence and higher arousal in the SAM results, and that highly natural sound-

scapes will exhibit high valence and low arousal. It was observed that for the test soundscapes used in this

study, which consisted of mainly natural and/or or road related noise, that the mechanical and valence scores

might be inversely related and as such could mean one of them could be omitted when conducting surveys on

soundscapes with a similar sound character.

The results in this work also support previous findings that the SAM is a powerful tool for soundscape analysis,

and further to this the calculation of the perceived noise impact rating is a potential useful and informative

way to quantify the attitudes of survey group towards planned changes to an environment and including the

magnitude of those changes whether positive or negative.
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Figure 5. In (a) Results of the perceived noise impact rating, RPNI , calculated from the SAM valence and

arousal scores using equation 1 for all 5 locations with (W) and without (WO) the scheme in place. The mean

value is plotted with bars showing the standard error. In (b) Mann-Whitney U-test results comparing the results

for each rating scale for each of the 5 locations with and without the scheme in place. A dark square indicates

a significant difference at 95% confidence (p < 0.05). In (c) The difference between the With and Without

results for the Perceived Noise Impact Rating, a positive difference indicates a positive attitude towards the

potential change.
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Further work should include new surveys for other schemes to help confirm the findings in this work, and

would ideally involve members of the public, unlike this work in which acoustics and audio specialists were

the test participants.
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ABSTRACT 
Auralisations have for years been used in addition to mandatory noise maps and calculated number of noise 
exposed dwellings in the EAA-processes carried out by e.g. the Danish Road Directorate. Auralisations make 
it possible to get a realistic impression of the future noise during the planning of new roads or other important 
noise sources. Until now, only major road projects have been published using auralisations. Other noise 
sources like local roads, wind turbines, railways, tramways and light rails can obviously benefit from 
auralisations in communicating noise consequences to people influenced such as neighbours, decision makers 
etc. 
Auralisations make it possible to aurally explain the mix of noise combined by two or even more noise 
sources. Normally, noise from various noise sources are treated and explained individually and have even 
different noise limits to meet. Auralisations should represent the total sound from all sources. This is much 
more realistic as the total sound will be perceived and experienced by the future neighbours.  
This presentation deals primarily with auralisations made for road noise, but challenges of auralising other 
noise sources like wind turbines and the combined noise generated by various noise sources will be covered 
as well.  
 
Keywords: Auralisation, Auralization, Environmental Noise 

1. INTRODUCTION 
Auralisations make it possible to hear how planned outdoor sound sources such as roads, wind 

turbines and railways will sound in different landscapes and situations. The most well-known analogy 
to this is a visualisation. Who will allow the construction of a new road or bridge without having seen 
in advance how the road will affect the landscape? But when it comes to sound and noise, you normally 
use visual measures like noise maps to explain the consequences. Why not use the ears? 

Auralisations can also be used to clarify, how noise can vary in the surroundings due to different 
conditions. How does the road sound for example, in upwind or downwind situations, with an 
increased traffic volume or with a completely different traffic mix? Auralisations can answer all that. 

From experience it is well-known that commonly used noise indicators like Lden are difficult to 
explain to layman; Hence noise is one of the issues that is most often discussed intensively, when 
planning new noisy sources. Naturally, the neighbours are concerned about, how the future noise will 
affect their lives – and by nature they will try to affect the project, so that noise is minimised. 

From a planner’s point of view, the authorities must provide as good and adequate information as 
possible, when the consequences of e.g. a road project are presented for the neighbours. This applies 
of course to the future noise level with respect to the noise limit, but certainly also to the explanation 
of possibilities and limitations to reduce the noise. Information on the effect of possible noise 
protection measures, such as noise barriers or noise reducing pavement, as well as changes in the 
speed and traffic volume, is important information. The neighbours and other stakeholders must be 
provided with most realistic and obtainable picture of the consequences at the planning stage. In 

                                                        
1 erth@force.dk 
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addition to describing the consequences in words, pictures, graphics and tables, the benefit of 
auralisations can be used. 

2. METHODOLOGY 
The methodology used for creating auralisations has been: 
 
1. Create noise source(s).  
2. Create a propagations model for the sound in the wanted scenario.  
3. Filter the sound source(s) by the calculated sound propagation transfer functions.  
4. Mix the filtered sounds together.  
5. Adding a soundscape providing a realistic and natural sound of the surroundings.  
 
These five steps are described in the following paragraphs and illustrated in Figure 1. For road 

noise auralisations, the procedure is also described in detail in (1). 
 

 
Figure 1 – Diagram of auralisation work flow3 (roads) 

2.1 Creating a Source 
The creation of noise sources has been accomplished by using a HATS (head-and-torso simulator) 

to make binaural recordings of single noise sources, such as a car passing by or a wind turbine. The 
benefit of this has been a high-fidelity sound recording of the source that sounds like the real source 
(in opposition to synthetic generated sound source). The challenges with this method are primarily 
background noise during the recording of the sound sources and limitations due to the recording 
position. 

Due to background noise it is necessary to be very selective, when it comes to choosing the places 
to carry out the recordings. Avoiding background noise from other roads, singing birds etc. is essential, 
and therefore recordings have to be carried out relatively close to the road, i.e. 25 m, at evening and 
night time. Furthermore, there has to be low down wind speeds, i.e. from the noise source toward the 
HATS location (Figure 2). 

The recording position poses a couple of limitations to the auralisation. The HATS has been setup 
pointing towards the noise source. When listening to the recorded signal, it appears to be located in 
front of the listener. Without using HRTF filtering it is not possible to virtually move the head around. 
The relative closeness to the road also sets a limit for, how far away from the road the auralisations 
sound realistic. 

                                                        
3 The auralisation software (AuralizationLAB) is developed in-house with LabVIEW and takes care of the 
filtering of the noise.  

Auralisation 
software3

Traffic 
mix

Adding 
Soundscape

Sound Library 
(recordings)

A
s

T
m

A
S

Transfer 
functions

Noise prediction 
software

T
f

Number of 
vehicles

Choice of 
Soundscape

Choice of 
location / situation

Single noise 
source recording

Final 
auralisationa

S
(

Soundscape Library 
(recordings)

software mix Ssss m S

Choice of 
Soundscape

Single soundscape 
recording

S
(

1692



 

 

 
Figure 2 – Photo of HATS location close to a motorway 

Finally, it is only possible to auralise existing and available noise sources.  
Recording time has been between 30 seconds – 2 minutes, depending on the noise source.  

For vehicles that pass by, the needed recording time depends on the speed of the vehicle and the 
background noise in the auralised situation. The noise from the vehicle must have time to fall 
sufficiently below the noise from other noise sources (other vehicles, other types of noise sources or 
the soundscape noise).  

For stationary noise sources such as wind turbines, the recording time has been as long as the final 
auralisation in order to avoid any discontinuities. Trying to loop a stationary (spatially stationary) 
sound source, where generated sound and the meteorological conditions continually shift, has proven 
it difficult to accomplish without discontinuities. 

2.2 Sound Propagation 
The propagation of sound from source to receiver is carried out twice: First for the recording 

situation and then for the auralised situation. The first propagation is only carried out once for each 
recording. The second propagation is carried out for each auralisation situation. 

The propagation is carried out using a noise modelling software to create a computer model of the 
real situation and using Nord2000 (2) noise propagation method, the noise is propagated from source 
to receiver. In the situation with a moving sound source, the propagation is carried out for several 
point sources along the sound source path, i.e. each 10 m. The result of this is a 1/3 octave band 
spectrum for each source receiver position. 

For each recording and new auralisation situation, the spectrum difference between auralisation 
situation and recording is obtained as the input to the next step. 

2.3 Filtering Sound 
The sound source is filtered using the calculated spectrum differences. In the case of stationary 

sources, this is quite trivial, since the whole sound is filtered with the same spectrum difference 
between auralised and recording situations. 

In the case of moving sound sources, the binaurally recorded sound is split up into several sound 
clips corresponding to the time difference between source points (speed dependant) and carefully 
matched against the correct source receiver position. These sound clips are then filtered with the 
spectrum difference between the sound propagation spectrum for that point and the spectrum for the 
corresponding point in the recording situation. Finally, the filtered sound clips are put together again. 
Therefore, it is crucial that the position of the vehicle relative to the HATS position (in time) in the 
recording is known. 

The result is realistic; An auralised sound file for each single source. 

2.4 Mixing filtered Sounds 
When auralising a road or a combination of sound sources, several files with auralised single 

sources are mixed together to create the situation aimed at e.g. busy afternoon traffic. 
This is an important step, as it adds context to the sensation of “being there”. 
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For a situation with vehicles on a road, a semi-random, but somewhat even distribution of auralised 
single source files are mixed together. The mixing is performed by adding files with a specific time 
delay for each file. The time delay depends on what traffic flow, the auralisation has to illustrate. A 
somewhat random experience is achieved, as none of the recorded vehicles drives at identical speeds.   

2.5 Adding the Soundscape 
Finally, a suitable binaural soundscape with ambient noise that matches the situation that the 

auralisation is aimed at is added. Different soundscapes have been obtained using HATS at various 
places and with different noise events. One example was a situation, where a planned motorway was 
to be passing residential houses, and there was already a railway track nearby with passing trains. 
Using HATS recordings of the ambient sound, a very realistic binaural soundscape with natural 
ambient sounds was recorded with a train passing in the distance behind the HATS. This was added 
to a mix of vehicles passing by on the planned road in front of the auralised position. The result was 
an auralisation with recognizable and realistic ambient noise making the presentation trustworthy for 
the residents. 

3. SOURCES 
This auralisation methodology/technique has been used with different sources:  

Road vehicles, such as cars, busses, trucks etc. have been used extensively in auralisations. 
Numerous recordings are performed on single vehicles passing by the HATS.  

Trains, including normal trains and trams have also been used in a similar way that road vehicles 
have been recorded and used in auralisations.  

Wind turbines are perhaps easiest to record, but only in one position and wind speed at a time. 
Since they are stationary, any change in relative angle between the direction of the nacelle and the 
auralisation point must be recorded separately. 

4. EXPERIENCE 
For years now, we have made auralisations used in the planning new roads in collaboration with 

the Danish Road Directorate, which is responsible for the major roads like motorways and 
interregional roads in Denmark. The auralisations have aimed at:  

1) Presenting realistic and trustworthy noise levels for specific places in the surroundings like the 
resident’s garden or terrace, so one can hear, how the road will actually sound at one’s home.  

2) Presenting the noise levels at specific distances using different noise reducing measures like 
barriers, special pavement etc.  

The auralisations have been used at public hearings using calibrated headsets. Pictures of the 
landscape were presented on a screen simultaneous to simulate the context, i.e. the listener should 
imagine being at the exact location when hearing the auralisations. This was done using the screen 
with relevant pictures for each location (Figure 3). 
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Figure 3 – Auralisations presented at a public hearing using calibrated headphones 

Another example was used at the public hearing, where there was a “noise café”. Here, the public 
could – by themselves – activate the presentation using calibrated headsets and a video screen to 
visualise the situations. 

 

Figure 4 – Auralisations presented at a public hearing. Photo from Danish Road Directorate 
Finally, due to the great interest, we created a website with generic auralisations. Here the 

listeners could use it from their homes with their own equipment. This of course, makes it 
impossible to have full control over the calibration level and the quality of the playback system. 
However, we made a calibration procedure, allowing the listener to adjust the volume according to a 
speech signal, i.e. the listener should “adjust the volume so it sounds like a person speaking 1 meter 
in front of you”. The website can be found here: https://acoustics.madebydelta.com/viden/auralisering-
for-vejdirektoratet-2/road-noise-auralisations-2/ 

5. FUTURE WORK 
There are several future developments that would expand the possibilities and improve the 

methodology. The ultimate scenario would be a very realistic VR-experience with both visualisation 
and auralisation combined. Before that goal can be reached, there are several challenges to overcome.  

One major improvement that is being investigated is synthetic sources. The possibility to create 
high-fidelity synthetic noise sources would eliminate some of the limitations of using binaural 
recordings. There would be no issue with background noise and no limitations to the position of the 
auralised position. (i.e. we could auralise the sound from a future road in Australia in Denmark (if it 
was loud enough)). However, this requires the use of HRTF (head related transfer function).  Synthetic 
sources with directivity would also allow for sources being placed in any direction relative to the 
receiver. 

Using HRTF would make it possible to turn the listening position freely around, relative to the 
sound source and soundscape. 

There are also possibilities to automate some of the (manual) steps in the process.   
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Audiovisual simulation inside the residential rooms  

of roadside buildings 
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ABSTRACT 
The effect of the auditory and visual stimuli on the subjective impression of the pass-by noise of running 

vehicle transmitted into the residential spaces was investigated based on the binaural sound auralization 
technieque and the three-dimensional visualization technique. As a basic study, the pass-by sound of the 
running vehicle transmitted into the rooms via the façade were simulated by using the geometrical acoustic 
simulation with relatively low computational costs. The visual condition inside the evaluated rooms were 
simulated by using three-dimensional modeling software, Unity. Then, the effect of the auditory and visual 
stimuli on the impression of the environments inside rooms were investigated by performing the subjective 
evaluation experiment based on the audiovisual simulation scheme. The experimental results are detailedly 
discussed. 
 
Keywords: Auralization, Sound insulation, Transmission, Sound impression 

1. INTRODUCTION 
To evaluate the quality of the residential buildings, the sound environment is the important issue 

among various kinds of factors. The sound environments inside residential spaces can be kept to be 
silent by improving the sound insulation performance of houses. Many researches concerning the 
improvement of the sound insulation of buildings have been performed. The sound environments can 
be evaluated based on the quantitative ratings related to physical values, such as the sound reduction 
index of walls, however the subjective impression of the sound environment may not be judged by 
only the acoustic physical values but also other conditions of the spaces such as the visual conditions 
inside and outside rooms. There have been various kinds of researches which treated relationship 
between the auditory and visual perception of the environments [1-9]. Based on such like these 
knowledge, the subjective evaluation of sound environments should be performed by considering not 
only the acoustic issues but also visual ones in order to accurately predict the total human evaluation 
of environments. However, the sound insulation performance of residential buildings are basically 
evaluated by using the quantitative evaluation methods obtained from physical measurement or 
simulation, while the sound environments may also be effected by various kinds of other 
environmental factors including the visual stimuli. Especially, in recent researches, there has not been 
seen any obtainings related to the abovementioned issue of the effect of the visual factor on the 
subjective evaluation of sound transmitted into the residential spaces. 

To investigate the effect of such sound environment on human, the sound data, which are recorded 
in in-situ environmental conditions, are reproduced in the laboratory such as the anechoic chamber. 
Such a recorded sound provide accurate simulation of the sound environment, while it requires much 
costs to acquire the recorded data. Then, the sound data can also be acquired by using auralization 
simulation techniques which are widely applied in the various kinds of fields related to the building 
acoustics[10-16]. As for the auralization of the traffic noise, the simulation technique of the vehicle 
running sound has been performed [15], and applied to simulation of road traffic noise. However, in 
this simulation, the sound insulation of the building façade are not considered which are important to 
evaluate the transmitted sound inside rooms. To cope with such a problem, we proposed the 
                                                        
1 gf@aaa.com 
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auralization method [17] combining the measured vehicle sound and the sound-insulation 
characteristics obtained by wave-based vibroacoustic numerical method, which enabled to accurately 
simulate the vehicle sound transmitted to the rooms. However, the calculation of the transmission 
characteristics by the numerical scheme requires some computational costs. 

  In this paper, the effect of the auditory and visual stimuli on the subjective impression of the 
environment inside residential spaces was investigated as follows. Firstly, as a basic study, the vehicle 
running sound which transmits into the rooms via the façade are simulated by using the geometrical 
acoustic simulation with relatively low computational costs. In contrast, the visual condition inside 
the rooms were simulated by using three-dimensional modeling software. Then, the effect of the 
auditory and visual stimuli on the impression of the environments inside rooms were investigated by 
performing the subjective evaluation experiment based on the abovementioned simulation results.  

2. SIMULATION METHOD OF PASS-BY SOUND OF VEHICLE 

2.1 Procedure of auralization 
The auralization scheme of the running pass-by sound of a vehicle is indicated as follows. Firstly, the dry 

source of the pass-by sound of running vehicle was recorded by using an omnidirectional microphone (the 
sound level meter, Rion, NL-32). The in-situ situation of the recorded place, and the spatial relationship 
between the running lane and the receiving points are shown in Fig. 1(a) and (b), respectively.  

 
Figure 1 – Measurement site of the dry source. 

At that place, there were not any buildings which reflect the pass-by sound. In order to record the pass-by 
sound with higher signal-to-noise ratio, the microphone was located at one-meter distance from the lane. 
Those data were obtained in the situation that a passenger car (TOYOTA, Mark II) was running in the road. 
The running velocity was maintained to be 40 km/h throughout the recording. The measured waveform is 
shown Fig. 2(a). Comparing to such a situation that the vehicle pass by near point to the receiving point, the 
sound is naturally more largely attenuated when the vehicle runs at further point from the receiving point. 
However, considering the usability of the dry source to auralization, the dry source should be indicating 
constant signal level excluding the distance attenuation. For that reason, the distance attenuation observed in 
the originally recorded dry source p(t) was canceled, and modified into the steady-state dry source pcorr(t). 

   corr 3600

vt
p t p t

d



            (1) 

Here v is the running velocity [km/h] of the vehicle (v = 40 in this study), d is the distance between the 
running lane and the receiving point (d = 0.001 km in this study), and t is the standardized time as the time 
of the vehicle passing by just in front of the receiving point is made to be 0 s. It should be noted that this 
correction is performed by assuming the running vehicle as a point source. The modified waveform pcorr(t) is 
indicated in Fig. 2(b). Another correction is also necessary because the pass-by sound also includes the 
Doppler effect which may affect the naturalness of the auralized sounds. For that reason, the modified 
waveform (Fig. 2(b)) and another waveform of Fig. 2(c), which was made by turning over the waveform of 
Fig. 2(b) in the time domain, were added. As a result, the waveform of Fig. 2(d) excluded the effect of the 
distance attenuation and the Doppler effect. Then, in order to generate the sound wave which propagates to 
the surface of the façade, the impulse responses, which were obtained by calculating the sound propagation 
from each point discretely arranged on the running lane (Fig. 3(a)) to the center point of the window (Fig.  
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Figure 2 – Auralization scheme.           Figure 3 – Simulated conditions. 

Table 1 – Simulated absorption coeffients. 

 
3(c)), were convoluted with each segment of the steady-state waveform as shown in the flowchart of Fig. 
2(d). It should be noted that the waveform is divided into each segment with duration of t = 0.05 s in this 
study. The convoluted segments were overlapped to obtain resynthesized waveform of Fig. 2(e). Then, in 
order to consider the effect of the sound-insulation performance of façade, the waveform of Fig. 2(e) was 
attenuated by equalizing them with the frequency characteristics L2 of Fig. 4. Then, such a condition with 
the door open was also treated by simply using the unattenuated sound which is obtained by equalizing them 
with the flat frequency characteristics L1. The former waveform is hereafter called Wi_Op, whereas the 
latter one is L2 Wi_Cl. It should be noted the frequency characteristics L1 was set by referring the sound 
transmission loss of a window in which a glass pane of 3-mm-thick and 1.3 m×1.5 m is inserted in the 
aluminum sash.  
Then, as a final step, the transmission characteristics from the window (the reference point on the window, 
Fig. 3(c)) to the receiving point inside the evaluated room, which include the room reverberation, were 
additionally considered to the attenuated waveform. In order to increase the presence of the reproduced sound 
field, binaural room impulse response (hereafter called BRIR) were calculated also in the CATT-acoustics. 
The detailed condition of the size of the room, the sound source, and receiving point are shown in Fig. 3(c). 
In addition, the sound absorption coefficients inside the room set in the simulation is shown as Surface A in 
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Table 1, which models such a nonreverberant room including carpets and other soft materials. However, by 
considering that the subjects see the omnidirectional view inside the room via the head-mounted display by 
turning their heads, the direction of the incoming sounds reproduced by the headphone needs to be unchanged 
by the head rotation of them. For that reason, the binaural reproduction system [18], which can dynamically 
and instantaneously change the BRIR linked to the head rotation, was adopted. This method has been 
validated in our previous paper for the auralization of the environmental sounds outside the rooms, however 
that has not been yet adopted for room-acoustic auralization. While the detailed method of the dynamic 
binaural reproduction system is the same as the reference [18], it requires 36 BRIRs in total, for each angle 
of the head at 10 deg. interval. Then, the 36 BRIRs were calculated on the CATT-acoustics by rotating the 
head direction as shown in Fig. 3(d). By using each of the BRIR, the stereo signal for the left and right 
channel as shown in Fig. 2(h) and (i) can be generated by convoluting the BRIR and the waveform of Fig. 
2(e). As shown in Fig. 5, 36 binaural sound tracks are simultaneously loaded on the memory of the PC, and 
the reproduced sound tracks are continuously chosen based on the azimuth angle of the head monitored by 
the gyro sensor on the head mount device. By adopting the production system, the reproduced channel in 
accordance with momentarily changing direction of the head is automatically changed by using the 3-D 
integrated development environment software of Unity coded by the Visual C#. 

 
Figure 4 – Simulated attenuation characteristics of the façade. 

 
Figure 5 – Overview of the dynamic binaural simulation. 
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2.2 Procedure of visualization 
Assuming an apartment for single persons built along a vehicle road, the visual environments inside 

the following three rooms (Fig. 6) were simulated; Type-1 is the room on the first floor, Type-2 is that 
on the third floors, and Type-3 is the room whose window is blocked. Then, the spatial relationship 
between the vehicle road and the apartment is shown in Fig. 6(a). These visual stimuli were simulated 
by using the Unity.  These visual stimuli are reproduced by the head-mounted display, and presented to 
the subjects. Then, the visual stimuli is provided as omnidirectional visions which can be seen from the 
subject by rotating their head for left and right. In the visual condition of Type-3 (d), the opening of 
window is completely blocked, and the scenery of the exterior space cannot be seen, while those of (b) 
Type-1 and (c) Type-2 are not blocked. It should be noted that only the visual stimulus of (b) Type-1 
provides moving image of the running vehicle, while the others provide still one because the running 
vehicle cannot be seen in the conditions of (c) and (d).  

The audiovisual data, generated by combining these visual data with the auralized pass-by sound, were 
used as test stimuli in the following subjective evaluation experiment. Then, the simulated sound data for the 
vehicle running at the speed of 40 km/h was synchronously reproduced together with the visual stimuli. 
However, the synchronization can be confirmed as audiovisual stimuli only in the condition of Type-1, in 
which the running vehicle can be seen from the window. In addition, it is natural that the transmitted sound 
of the running vehicle into the rooms of on the first (Type-1) and third (Type-2) floor have different time and 
frequency characteristics due to the difference of the spatial relationship between the rooms and the sound 
source of the running vehicle. However, the main purpose of this study is to clarify the subjective influence 
of the visual stimuli on the sound impression. For that reason, the same sound data were used to both the 
audiovisual simulation of the condition Type-1, -2, and -3. 

 
Figure 6 – Investigated visual conditions. 

3. SUBJECTIVE EVALUATION EXPERIMENT 

3.1 Scheme of subjective evaluation experiment 
Firstly, the overall scheme of the experiment is described. In this experiment, the audiovisual stimuli inside 

rooms were simulated, and presented to the subjects. The experimental setting is shown in Fig. 7. As shown 
in the figure, to present these data to the subjects, a headphone (AUDIO-TECHINICA, ATH-W1000Z) and 
a head-mounted display (hereafter called HMD, OCULUS, Oculus Rift cv1) shown in Fig. 7 are used. Nine 
male subjects in the age of twenties participated in the experiment.  
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Figure 7 – Experimental settings of the subjective evaluation test. 

The subjective evaluation experiment was performed to evaluate the impression of the transmitted sound 
of running vehicle into rooms by the semantic differential (SD) method. In this experiment, the 13 adjectives 
were adopted to evaluate the transmitted sound of running vehicle into rooms. To evaluate the extent of each 
adjectives, mono-polar seven categories from “Strongly disagree” to “Strongly agree” were adopted. Before 
the experiment, it was sufficiently instructed to each subject, to evaluate each condition independently, and 
not to evaluate each condition by comparing with each other. To familiarize the subjects with the SD method, 
randomly chosen conditions were additionally evaluated by the subjects as a trial. It should be noted that the 
results of the trial evaluation were excluded from the analysis and discussion. In the main experiment, all of 
the audiovisual stimulus conditions were randomly presented to the subjects. The subjects evaluated and 
wrote down their extent of impression of each adjective in the experimental sheet with sufficient length of 
time for writing. In the first experiment, the subjects were presented the six audiovisual data shown in Table 
2, which are combination of the two audio data including the sounds filtered with the filter of L1 (Wi_Op) 
and L2 (Wi_Cl), and three visual data of Type-1, -2, and -3, respectively. As indicated in the table, each of 
the sound data has the equivalent continuous sound pressure level, Leq, 65 dB for the condition of Wi_Op, 
and 53 dB for that of Wi_Cl. Each audiovisual data has time duration of 60 seconds, in which the pass-by 
sound of running vehicle is presented to the subject for five times, and the reproduction level of the sound 
was controlled that the equivalent continuous sound pressure level, Leq, satisfies 65 dB and 53 dB for each 
condition of the sound. 

Table 2 – Investigated conditions. 

 

3.2 Results and discussion 
The experimental results obtained by the SD method is shown as profile ratings in Fig. 8. These figures 

show the averaged values of all the subject’s rating scores.  
Firstly, Fig. 8(1) shows the evaluated results of So_V1, So_V2, and So_V3. The characterstic difference 

between each condition is supposed to indicate the effect of additionally presented scenery inside the 
evaluated room on the sound impression of the pass-by sound of the condition Wi_Op. As can be seen in the 
figure, the ratings vary depending on the visual stimuli. In the visual condition of Type-1, the impressions of 
“Powerful”, “Agitated”, and “Harsh” indicate lower ratings than the conditions of Type-2, whereas, in other 
adjectives, those of Type-1 indicate higher ratings than those of Type-2.  

Secondly, Fig. 8(2) shows the evaluated results of So_V1, So_V2, and So_V3. The ratings of relatively 

Condition
Sound

stimulus
Visual

 stimulus
L Aeq

[dB]

So_V1 Wi_Op Type-1 65.0 dB

Sc_V1 Wi_Cl Type-1 53.0 dB

So_V2 Wi_Op Type-2 65.0 dB

Sc_V2 Wi_Cl Type-2 53.0 dB

So_V3 Wi_Op Type-3 65.0 dB

Sc_V3 Wi_Cl Type-3 53.0 dB
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negative impression (“Powerful”, “Agitated”, and “Harsh”) indicate higher ratings, whereas those of positive 
impressions other than the abovementioned three adjectives indicate lower ratings. The changes of the ratings 
into more positive impression may be effected by the decrease of the sound pressure level of the pass-by 
noise.  

  

Figure 8 – Results of the SD test. 

4. CONCLISION 
The effect of additionally presented visual stimuli on the subjective impression of the sound environment 

inside the rooms located along vehicle road was investigated by combining the auralization scheme of the 
transmitted pass-by sound of running vehicle and the visualization scheme of inside the room. It has been 
indicated that the evaluated results of the sound impression for the pass-by vehicle sound transmitted into the 
room varied depending on the presented visual stimuli. 
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Abstract
Research into the auralisation of road traffic noise has drawn more attention in the recent years, as it can provide
a more direct and immersive experience with which to communicate the implication of major urban design
decisions with city planners and the public. Some synthesis models of single vehicle pass-by noise, and methods
for outdoor sound propagation modelling have been proposed, which may be integrated for auralisation of
traffic flow scenes. In this paper, a framework for traffic flow auralisation is presented. The synthesis model is
composed of multiple single vehicle pass-by examples, based on tyre noise and propulsion sound synthesis. A
first-order image source method is implemented, as a first approximation to represent sound propagation across
a local region of a wider urban environment. The resulting plausibility of the proposed traffic flow auralisation
model under different traffic flow scenes are under assessment using subjective listening tests.
Keywords: Auralisation, Traffic Flow, Procedural Audio

1 INTRODUCTION
Road traffic is a widespread source of environmental noise in our daily life. The World Health Organization
(WHO) recognizes that traffic noise can cause serious public health problems, especially under the circumstances
of higher traffic volumes and speeds. In order to control or reduce road traffic noise more effectively, some pub-
lished guidelines for traffic noise evaluation (1) and noise prediction methods (2) are usually used for reference.
Most of these guidelines and methods are set based on noise levels in dB(A), which can be inconvenient when
communicating with non-acousticians. In some situations, noise levels might be misleading as studies on traffic
noise annoyance show that there can be a significant difference in annoyance judgment for different traffic flow
conditions with the same LAeq (the equivalent A-weighted noise level within a period) (3). Auralisation can be
potentially used as an alternative to predict and evaluate road traffic noise in addition to noise level metrics, as
it provides subjective interpretation of the varying time-frequency dependent characteristics of the traffic noise.
With an optionally detailed road traffic auralisation system available, people will be able to have an audible
experience of the planned road network, traffic management, or traffic control developments.
According to the definition of auralisation in (4), there are three fundamental elements to be considered for
road traffic scenes: 1) Moving sound source models for different vehicle types, speeds, and traffic volumes;
2) sound propagation models for an outdoor environment; and 3) sound reproduction system for high plausible
auditory rendering. As there are no standardized frameworks to implement such auralisations for road traffic,
the perceived plausibility may vary considerably, depending on what models and algorithms are used, and how
complex they are in each of the elements above.
Based on the literature review presented in (5), two primary sound sources of pass-by vehicles should be con-
sidered - tyre rolling noise, and propulsion noise generated by engine, intake system, and exhaust system. These
sources can be synthesized by different methods, e.g. granular synthesis (6), spectral modelling synthesis (7),
or physical modelling synthesis (8), with pros and cons for each method, leading to differences in plausibility.
Considering traffic noise auralisation for a ‘microscale’ urban area (e.g. a street, a square), two different types
of sound propagation models can be considered, defined as engineering methods (based on geometrical acous-
tics), and wave-based methods (solving the governing physical equations). Engineering methods work well for
scenarios where only a limited number of reflections from buildings for simulation, and when meteorological
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conditions can be simplified (9). Wave-based methods should be used if high levels of detail and physically
accurate results are required. However, wave-based methods are more computationally demanding, and are
sometimes limited through a lack of robust physical input data regarding materials, surface impedance, and
meteorological conditions, etc.
Regarding the sound reproduction system, the techniques used for traffic noise auralisation resemble those used
for indoor environments in most literature, without additional considerations for the outdoor conditions. Head
Related Transfer Function (HRTF) techniques are mostly used in recent traffic noise auralisation studies, if
spatial audio rendering is required.
The structure of this paper is as follows: in Section 2, some of the previous models for vehicle pass-by noise
auralisation are reviewed. In Section 3, the development of an auralisation model for traffic flow is introduced.
Section 4 discusses results and plausibility assessment methdos of the proposed auralisation model and is fol-
lowed by the conclusions in Section 5.

2 REVIEW OF SOME PREVIOUS MODELS
2.1 Auralisation Frameworks
Nilsson & Forssén et al. (10) developed a demonstrator, called LISTEN-Demonstrator, to illustrate the poten-
tial of auralisation as a tool for evaluating future sound environments or soundscapes. The propulsion sound
sources are first modelled via additive synthesis, and then granular synthesis as an improvement. Spectral mod-
elling synthesis (SMS) techniques (20) are used for heavier road vehicles because of the more prominent tonal
characters of the diesel engine sound. Tyre noise is modelled according to engineering methods Harmonoise
and Nord2000. Sound propagation effects including distance attenuation, air attenuation, ground effect, and
diffraction, are modelled by Harmonoise and Nord2000 methods across one-third octave bands from 25Hz to
20kHz. The CIPIC HRTF database (21) is used in post processing for spatial audio rendering. The demonstrator
is implemented in Pure Data (PD) for real-time performance. They conducted listening tests to investigate the
perceived realism, annoyance, velocity, and similarity to real recordings of the demonstrator, and used subjective
evaluation results to optimize the auralisation parameters.
Piernen et al. (7) proposed an auralisation model for accelerating passenger cars. Tyre noise is synthesized by
a modified version of Harmonoise model, with an extra consideration of road surface correction, and horizontal
directivity pattern for the sound source. The engine sound signal is assumed to consist of a deterministic signal
representing the most important engine orders, plus with a quasi-stochastic signal in this work, and so SMS
techniques are used. The time-varying characteristics of the tonal signal and the stochastic signal are assigned
with control parameters including engine speed, engine load, and emission angle, etc. The propagation effects
involved in this model include ground reflection and air absorption. Ground reflection is implemented by a
secondary signal path with an additional delay and a complex reflection factor which is calculated from an
empirical model according to the surface impedance of ground. Air absorption is implemented by introducing
linear-phase FIR filters, for which the coefficients are designed according to the standard ISO 9613-1. This
study provided some samples of synthetic sounds using this model, but did not conduct subjective evaluation
for the plausibility of the auralisation method.
Southern & Murphy (11) presented a framework for road traffic noise auralisation for capture, analysis and
synthesis of moving road vehicles within a virtual auditory environment. Only tyre/road noise was considered.
The analysis and synthesis process are performed in the time-frequency domain and incorporate changes at the
listening position based on an approximation of the vehicle’s directional noise radiation pattern.

2.2 Source synthesis models
Maillard & Jagla (12) proposed a method of synthesising engine sound and tyre noise using a granular synthesis
technique. Grains are extracted from the analysis of a recorded engine sound signal corresponding to contin-
uously varying engine speeds, and tyre noise recordings via the Close-Proximity Method (CPX), a standard
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measurement method for noise levels emitted from a passenger car tyre when rolling over a road surface. Each
grain is assigned with a vehicle speed or engine speed as the first control parameter, in addition to engine load
as a second control parameter. This method is computationally effective for real-time usage of engine sound and
tyre/road noise synthesis, but its flexibility in terms of synthesising different types of vehicle sound is relatively
limited as it is difficult or impossible to take recordings of all the vehicles required.

2.3 Propagation models
Georgiou & Hornikx et al. (13) proposed a method to auralise a car pass-by using binaural impulse responses
(BIRs) computed with a 2-D wave-based pseudospectral time-domain method (PSTD), which can provide phys-
ically accurate predictions for urban sound propagation at low frequecies. They implemented the proposed
auralisation under simplified scenarios where buildings are absent, and a long flat wall is located behind the
car, opposite to the receiver. They investigated the effect of the spacing between the discrete source positions in
the perception of the auralised car pass-by noise using subjective listening tests, and found that it is difficult to
distinguish between the auralised sounds when different angular spaces (2◦ - 10◦) corresponding to the discrete
source positions are used. However, the Doppler effect was not simulated within this work, which can be cru-
cial for the perceived plausibility of vehicle pass-by auralisation, and might also be relevant with the audibility
of switching between discrete source positions.

3 DEVELOPMENT OF TRAFFIC FLOW AURALISATION BY PROCEDURAL AUDIO
3.1 Considerations on procedural audio
The authors previously presented a framework for traffic flow auralisation (14), in which only road/tyre noise
was considered, and the directivity pattern of the source was not implemented at that time. The framework
is further developed in this paper, by adding propulsion sound synthesised via a physically-inspired model, an
image source model simulating sound propagation effects in an outdoor environment, and horizontal tyre/road
source directivity patterns, in order to improve the plausibility of traffic flow auralisation. The improved model
has been implemented using procedural audio methods, which are defined as “non-linear, often synthetic sound,
created in real-time according to a set of programmatic rules and live input” (15). Although procedural audio is
originally used for sound design in a computer game, it has also been extended into a series of tools for render-
ing virtual acoustics for the auditory effects of virtual reality (VR) (16). Compared with sample-based methods,
procedural audio has higher flexibility, with continuous real-time parameters being applied, which makes it more
suitable for interactive applications, e.g. allowing movement around a virtual environment, or auditory changes
due to the modification of some elements in the scene. As there are no pre-existing audio samples involved,
procedural audio has variable cost of computational power – the more complex the sound model is, the more
work it requires. This can be seen as an advantage under the limited conditions of computational resource for
real-time usage, as the cost can be tailored by adjusting the complexity levels of the models. Plausibility is one
of the most important factors for consideration when using procedural audio. Some sound models are compli-
cated, and may cause severe timbral distortion due to the lack of sufficient details at a low complexity level, or
sometimes it is impossible for real-time usage because of the high computational power required.

3.2 Rendering traffic flow scenario
Figure 1(a) shows an example of a traffic flow scenario in an urban environment, which is simulated in this
paper. Each vehicle is allocated a constant vehicle speed, from left to right (Vn), or vice versa (V’n). A
distribution function is used which describes the enter/leaving time of each vehicle. The length of the road
is L(m), and the listening position S facing the road is set D(m) away from the middle of the road, with free
access to movement along the road. There are buildings facades set separately on each side of the road, of finite
length Ha1(m), Ha2(m), Hb1(m), and Hb2(m), respectively. The visual simulation is implemented within the game
engine Unity3D, utilizing an open-source simulator AirSim (17) developed by Microsoft AI & Research, and a
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screenshot is shown in Figure 1(b). Although visual aspects are not the main concern of this paper, these scenes
provide opportunities for interactive VR applications in terms of vehicles pass-by in an urban environment.

(a) (b)

Figure 1. (a) Example of a traffic flow scenario in an urban environment; (b Interactive simulation of traffic
flow scenario in an urban environment in Unity3D

3.3 Framework for traffic flow auralisation
Figure 2 demonstrates the auralisation framework used in this work. The source synthesis models are imple-
mented in MAX/MSP, following procedural audio concepts to render the vehicle pass-by sound in real-time.
An open-source tool called ‘µ Max-Unity Interoperability Toolkit’ (18) is used for the two-way parameter com-
munication between MAX/MSP and Unity3D in real-time. Compared with the previous implemented model in
(14), the main development includes: propulsion sound synthesised via a physically-inspired model, an image
source model simulating sound propagation effects in an outdoor environment, and horizontal tyre/road source
directivity patterns. These development are further discussed in the rest of this section.
The propulsion sound synthesis follows the idea in (19), which is a modified version of Farnell’s engine sound
model (8) by replacing the signal-based phasor with a series of functions that depict the actual acoustic con-
tribution of exhaust valve operation, fuel ignition, intake valve operation, and piston motion. The relevant
components of the engine are treated as resonant cavities and represented by mutually interacting digital waveg-
uides. The inputs, delays and feedback coefficients for each waveguide are then derived from the functions
simulating the moving components of a four-stroke engine, including the exhaust valves, fuel ignition, intake
valve operation, and piston motion. The harmonic part of the engine sound is mainly determined by simulating
the motion of the piston attached to a rotating crank via a sine wave, together with the fuel ignition effect
via the positive half of a sine wave scaled by time varying parameter which represents the time required for
fuel explosion. Intake and exhaust valves are used to modulate the feedback coefficients: more energy is fed
back to the delay lines during the closing period of valves, while more energy is sent to the output side of
the waveguides during the opening period of valves. For passenger car engines, cylinders are connected to the
intake and exhaust systems. These systems are modelled as waveguides with fixed length, fixed feedback on the
free end, and variable feedback on the valve end. A separate white noise signal is fed into the intake system,
which is then modulated by the intake valve operation to simulate the turbulence of the fuel-air mixture.
The image source model is implemented within the Unity3D game engine, utilizing the plug-in Wwise Reflect
developed for Wwise, an audio middleware, which allowing non-programmers to have better control of how,
when, and where sounds are triggered corresponding to inputs from the game engine. The image source method
is implemented as a multi-tap time-varying delay line with filters to simulate early reflections in Wwise Reflect.
This effect is assigned to each sound emitting game object called an ‘emitter’. The positions of the image
sources can be calculated using the Wwise Spatial Audio API with the parameters of the listener, the emitter,
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Figure 2. Framework for traffic flow auralisation using procedural audio

and the reflective surfaces defined in the Unity3D game engine. For the current version of Wwise Reflect
plug-in, the acoustic property of the reflective surfaces can be manipulated by absorption coefficients over four
frequency bands (250–4000Hz). Although up to the 4th-order of reflections is supported in Wwise Reflect,
the computational power will increase exponentially with each extra order of reflection. Therefore, only 1st
reflection is implemented in this work in order for the real-time performance. Some other propagation effects,
such as diffraction, scattering, and meteorological effects, are not considered in the current work.
The horizontal tyre/road source directivity patterns are also implemented in the Unity3D game engine using
the audio middleware, Wwise. The directivity pattern of the sound emitter can be implemented by depicting
an attenuation cone-shaped boundaries to an omni-directional source. Energy within the attenuation cone will
be scaled as a function of direction relative to the source’s coordinate system. Although this method is not
physically correct as the source directivity patterns can vary significantly at different frequencies, the perceptual
accuracy of such methods used for sound design and interactive audio, specifically for the perceived realism of
vehicle pass-by auralisation, has not yet been fully studied.
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4 RESULTS
Figure 3 shows the power spectral density (PSD) of a propulsion sound signal (4 cylinders, with constant
engine speed 4000RPM and 60% engine load) synthesised by different methods. Figure 3(a) is the PSD of
the propulsion sound synthesised by procedural audio within the proposed framework. For comparison, the
PSD of propulsion sound synthesised by a granular synthesis model (sample-based audio) is presented in Figure
3(b). As constant engine speeds and engine loads result in steady state sound, we took 0.5s of the signal
with zero-padding for analysis using a 32768 points FFT. As can be seen from the figures, there is significant
difference in spectral energy distribution when using different methods to synthesis the propulsion sound. In the
procedural audio sound, there are sharp peaks at about 100Hz and 200Hz, while only one sharp peak in the
granular synthesis sound appears around 125Hz. There is steady broadband sound component in both models,
but the energy above 1kHz in the granular synthesis sound is higher than that in the procedural audio sound.
For the frequency range about 200Hz–1000Hz, the energy distribution in the granular synthesis sound is more
broadband, while in the procedural audio sound the energy distributes as a pattern with multiple harmonics.

(a) (b)

Figure 3. PSD of propulsion sound synthesis using: (a) procedural audio; (b) sample-based audio

Figure 4 shows spectrograms of a single vehicle pass-by sound signal, consisting of propulsion sound together
with tyre/road sound (4 cylinders, with constant engine speed 4000RPM and 60% engine load, at constant driv-
ing speed 40km/h) synthesised by different methods. Figure 4(a) is the spectrogram synthesised by procedural
audio within the proposed framework, with propagation filters implemented. For comparison, a spectrogram of
propulsion sound synthesised by a granular synthesis model is presented in Figure 4(b), with the same prop-
agation filters implemented. As can be seen from the figures, the energy distribution shares a similar pattern
although different synthesis methods for propulsion sound are used. We are doing subjective listening tests
to investigate how this kind of similarity in spectrograms correspond to the perceived difference for a single
vehicle pass-by auralisation. The assessment results will be published in a future paper.
Figure 5 shows the spectrogram of a traffic flow scenario synthesised by the proposed auralisation framework,
using procedural audio (Figure 5(a)), and granular synthesis (Figure 5(b)), respectively. The traffic flow consists
of 6 vehicles on a two-lane road. The descriptive parameters of each single vehicle, such as speed, enter/leaving
time, etc. are dereived from a microscopic multi-modal traffic flow simulation software named PTV VISSIM.
We are doing listening tests to evaluate the plausibility of such traffic flow auralisations and the results. The
assessment results will be published in a future paper.

5 CONCLUSIONS
In this paper, a framework for traffic flow auralisation is presented. The model is a further development of
a previous approach proposed by the authors, by adding the propulsion sound synthesised via a physically-
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(a) (b)

Figure 4. Spectrograms of single vehicle pass-by synthesis using: (a) procedural audio; (b) sample-based audio

(a) (b)

Figure 5. Spectrograms of traffic flow auralisation using: (a) procedural audio; (b) sample-based audio

inspired model, an image source model simulating sound propagation effects in an urban environment, and
horizontal tyre/road source directivity patterns, so as to improve the plausibility of the original model. The
model implementation follows the procedural audio concepts, creating synthetic sound in real-time according
to a set of programmatic rules, and live input. The simulation is conducted within the Unity3D game engine
for interactive applications, with the support of AirSim for the visual part, and the support of Wwise for the
auditory part. The plausibility of the proposed traffic flow auralisation model is under assessment by subjective
listening tests. The assessment results will be published in a future paper.
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ABSTRACT 
When auralizing urban environments, two major challenges can be identified for the propagation simulation: 
the extent of the built environment and the wave-based propagation features, above all diffraction into the 
shadow region. It is in the nature of open space that sound can propagate long distances. For the auralization 
of city acoustics without a-priori knowledge on the sound source characteristics, huge data must be taken into 
account. With the increase of freely accessible open format databases providing layers with simplified 
geometric models of entire landscapes including buildings, a solution to create virtual acoustic environments 
based on this data is desirable. In this attempt, a progressive broad-band propagation simulation model based 
on Geometrical Acoustics is proposed that primarily exploits the frequency-independent energy loss subject 
to geometrical spreading of spherical waves for the spatial filtering of the geometry input. An ellipsoidal hull 
representing a region of interest is constructed from the source and receiver position as well as sound power 
and sensitivity, respectively. Subsequently a fast filtering algorithm with linear complexity removes 
approximately irrelevant geometry for each propagation step releasing the propagation algorithm from 
executing ray-polygon intersection tests on the entire geometry dataset and speeding up the propagation 
simulation significantly. 
 
Keywords: Virtual Acoustics, Outdoor Sound Propagation, Geometrical Acoustics 

1. INTRODUCTION 
The auralization of urban environments is an aspired aspect for the forecast of our future city 

soundscape. The increasing generation and integration of digital geometric data as well as the progress 
to make federal procedures transparent lead to freely available online data, like the street and building 
maps published and maintained by the cadastral office of North-Rhine Westphalia, Germany 1 . 
Semantic data layers of various context, which enrich plain mesh files with surface material, traffic 
statistics, visitor counts, etc. form a vital information basis that invite multidisciplinary research 
parties to simulate current and future aspects of city life.  

Obviously, the feasibility for the prediction of dynamics of sound is one of the questions raised. For 
environmental noise assessment, it has been demonstrated that semantic geometrical data can be 
integrated into acoustic prediction models, for example by Lu et al. (1) and Kumar et al. (2). Those 
modelling approaches integrate noise immission over a long-time span – usually hours – and present 
results in perceptually weighted energetic frequency bands. Sound sources are commonly represented 
by point sources and line sources producing a steady-state sound power spectrum. Judgements of the 
compliance with legal directives of these well-established noise levels can only be justified by 
consulting experts. 

Auralization, in contrast, addresses the auditory perception and is intuitively comprehensible by 
layman, hence may be an effective tool for public information campaigns. In this sense, the 
environment is not evaluated to generate exhaustive noise maps, but focus must be laid on sensitive 
receiver points, ideally arbitrarily chosen by the user in three-dimensional space. Relevant objects in 
the vicinity of the sound source and the receiver must be considered, hence especially the geometry of 
the neighborhood region is of interest. A major difference between noise assessment and auralization 
is the fact that the latter does not average acoustic values over time but produces time series of pressure , 
an audio stream, that can be used for acoustic presentation of the scenario. Hereby, the time-variant 
acoustic transmission of each sound source is simulated by superimposing propagation paths to the 
                                                        
1 Geoportal.NRW, https://www.geoportal.nrw, accessed Mai 2019 
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receiver via the built environment. Dynamics of the scenario are adapted and are processed by means 
of digital signal processing (3). In theory, effects like distant highway noise immission appearing as a 
steady-state noise spectrum following the spreading loss of a line source is inherently produced by 
physically modelling all single sound events. Ground effects and level corrections must not be 
considered, as the processing of coherent sound from a sound source is applied.  However, in a dynamic 
acoustic environment the simulation of propagation paths and the representat ion of such paths in the 
DSP network is demanding and requires the capability to consider higher order reflections and 
diffractions in order to maintain an output that is free of perceivable artifacts  from the time-variant 
adaption (4). 

2. AURALIZATION IN THE CONTEXT OF ENVIRONMENTAL NOISE 
Auralization is the process of making sound audible by physical means and with a resolution 

matching or exceeding the auditory processing capability. A distinct challenge is the high-quality 
requirements laid upon the input data. A virtual acoustic scenario is recreating a situation where a 
single user perceives sound propagated through the environment that is originating from one or many 
sound sources. In the context of environmental noise, this requires a precise spatial mesh of buildings 
as the user can approach facades closely and move around corners where effects like sound shadowing 
is prominent and even small movements can significantly alter the result. In general, the possibility to 
represent buildings is of high resolution and surpasses the highest wavelength of interest by far, i.e. 
structural details below  can easily be represented, as also Kamrath et al. pointed out 
fittingly (5). The available data from online databases can readily be included without further 
refinement for auralization. Even level-of-detail concepts that only rudimentarily approximate 
buildings (e.g. by coarse bounding hulls) are practical in acoustics, if they do not significantly diverge 
from a visual model in an audio-visual Virtual Reality application. 

In contrast to the spatial resolution, the temporal resolution of current noise assessment measures is 
relatively low, as it integrates over time in a magnitude of hours. Input data from sound sources and 
results from noise maps and suchlike will hardly be reasonable to integrate in auralization applications, 
mainly because the energetic values have averaged out all temporal details. The result of an 
auralization application delivers a pressure signal over time at a receiver location including all 
temporal variations a human being is sensitive to. However, individual results implementing outdoor 
sound propagation for environmental noise are of use. The individual character of a perceived sound, 
i.e. the emitted signal, is carrying information that is associated with naturalism, realism and 
authenticity (6). Modification of this signal by filters approximating the propagation effects, even 
without phase information and with low spectral resolution, maintains the typical sound and achieve 
successful auralization results (3). Increasing spaciousness and presence is then achieved by 
appropriately adding the environmental influence, which is the prime target of auralization.  Apart 
from the high demand on the input signal of sound sources, the determination of the transmission 
within an urban scenario must be computed correctly in the sense that the filtering of the signal emitted 
by the source reflects the expected effects caused by the surrounding, like reflections and diffractions. 
Additionally, relative movements must be accounted for, namely the Doppler sh ift either caused by 
source movement or by receiver movement, at least when relative distance changes result in a 
perceivable frequency shift (7). In the context of environmental noise, implementing this dynamic 
component is one of the most challenging aspects and requires time-variant processing for each 
individual path. 

3. PROGRESSIVE REGION-OF-INTEREST FILTERING 

3.1 Breaking down the number of propagation paths 
One of the greatest challenges of sound propagation simulation is the sheer size of the input data 

representing the built environment of urban areas. Resources like the OpenGeoData NRW2 provide 
files including areal patches of  m by  m extend, each including several thousand buildings 
in case of densely populated regions. On the one hand, auralization demands arbitrary positioning of 
acoustic entities, on the other hand it is apparent that only very few structures in the vicinity of these 
objects actually play a role for the propagation of sound waves. Hence, a practical procedure to find 

                                                        
2 https://www.opengeodata.nrw.de, accessed May 2019 
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and separate these structures is obviously of major interest. This requirement becomes even more 
important for acoustic algorithms that tackle early reflection simulation problems because they usually 
scale exponentially with reflection/diffraction order to the base of polygon count. Therefore, a method 
to filter a region of interest from the whole database is desirable, that automatically includes all 
relevant objects (polygons) and efficiently dismisses irrelevant data . If the decision process is 
lightweight yet driven by acoustic semantics and sorts out objects as soon as possible, the potentially 
more sophisticated subsequent simulations gain a large profit from adjusted input data without 
irrelevant areas. ‘Irrelevant’ in this context means, that the large part of the acoustically perceivable 
paths should still be detectable within the subset, while those being most likely undetectable by the 
human auditory processing should be culled. Such a perception-progressive filtering trait can’t be 
avoided since theoretically the dynamic range of acoustic transmission is unlimited , for example, 
endless paths can be found that bounce between parallel facades or circle around buildings. However, 
it is clear that on the emission end, the sound power level of common sound sources appearing in urban 
environments have an upper limit, and on the receiving end, a certain detection threshold can be 
assumed. For humans this limit may go as low as the threshold of hearing (9) and for technical devices 
until a specified noise floor is reached. Both the upper and lower limit produce a dynamic range that 
can be exploited in an acoustic path culling method which can be adjusted to meet the application 
requirements. For example, in Virtual Reality applications, these adjustments may be pushed to a 
minimum to accelerate simulation computation by cutting down input data, while for expert listening 
tests another setup is required. 

3.2 Distance-dependent path culling 
The fundamental concept of the presented approach is the assumption, that sound waves, if 

examined separately along the wave front normal, are solely subject to attenuation of various kinds. 
The most prominent influence can be seen in the spreading loss or geometrical diversion , but also 
reflection, diffraction and air absorption play a role. After emitted by the source, amplitudes are 
monotonously fading in the entire frequency range. Predominantly the impact of spherical spreading 
loss can be regarded as the most natural aspect of spanning a spatial area of relevance around the sound 
source. Fortunately, virtual acoustics commonly renders scenes where the assumption of a point source 
can be made, and the total sound field at a receiving point is resulting by coherent superposition of all 
individually determined propagation paths. Hence, if each path is separately investigated and a 
distance-dependent culling algorithm is applied, regions where constructive interference of sound 

Figure 1: Culling ellipsoid for a source-receiver-pair in an urban environment. 
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waves occurs may well possibly lead to increased levels at greater radii from the source, e.g. when 
reflections focus energy. However, when searching for propagation paths, the combination of source 
and target positions pose the initial task: which of the surrounding mesh items must be integrated for 
the path construction? Figure 1 shows an example of a simple virtual urban environment where a few 
sound path candidates are depicted, that include a first order reflection or diffraction.  The paths 
indicate a detour over faces and edges that becomes larger the farther an object is located from the axis 
between source and receiver. For far distances, the spreading loss itself will largely dampen the 
transmitted sound and is likely to undergo perceptual thresholds, either dictated by the auditory system 
as ultimate rational or by a context-dependent defined threshold that is adjusted by applicability. In 
both cases, an estimate of the maximum sound power level of the source must be known a-priori. In 
contrast, the definition of a fixed dynamic range reserved for acoustic transmission may be a feasible 
configuration if the sound characteristics can be assumed to lie in a similar region. Once the remaining 
dynamic range – or maximum distance - is exhausted, the propagation path search can be aborted. The 
determination of the maximum allowed distance for the culling algorithm is derived from the ISO 
formula of sound pressure level  at receiver given a point source with sound power  and the 
distance-dependent spherical spreading loss 

 (1) 

with  m. Converted to obtain the maximum distance for an adjustable perception threshold 
, it follows 

 (2) 

To give a short example, a distance of about 3  m would be found for a sound power of  dB and a 
threshold level of  dB without any distinct refinement of the precondition. For simplicity, no 
frequency dependent solution is presented with the comprehension that lower frequencies are not 
damped extensively over distance, except for the geometrical diversion term, though can be largely 
perceived by a human. Because searching paths in geometrical acoustics is a broadband approach and 
only gains from frequency-separate processing if a level-of-detail concept is applied, worst-case 
conditions must be assumed. This limitation would lead to a benefit of frequency-dependent 
considerations only in rather unusual situations, for example, when a source with exceptionally 
pronounced high-frequency components is marked relevant, although the air attenuation during 
transmission would largely attenuate the source’s spectrum.  

The region of interest reflected by the constraint of a maximum detour is constructed with triangles 
represented by vertex points of the source, the receiver and the contact point at the boundary. In 
three-dimensional space, the mathematical formulation results in a rotation -symmetric ellipsoidal hull 
that practically exhibits focus points at source and receiver, which is merely a property inherited by the 
rotation symmetry, but otherwise not found in ellipsoids. The reduction of the problem to a 
two-dimensional setup is depicted in Figure 2 and reveals this relation. 

 

Figure 2: Cross-section of the propagation constraint of maximum detour reduced to a 2D ellipse problem. 
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A transform from the global into the local coordinate system of the ellipsoid results in the 

simplified conditional term for an internal point test following 

 (3) 

with  the major and minor axes of the ellipse. For the moment, the transformation must be 
applied to all vertex points of the building mesh under test. Transferred to a typical urban situation, a 
virtual hull for a given source-receiver pair is depicted in Figure 1 indicating an inner and outer region 
separating buildings that are relevant from those considered irrelevant, respectively. Buildings lying 
within the ellipsoidal hull are kept for the acoustic propagation path finding, the residual data is 
skipped. Performing such a filtering as a pre-processing step is able to simplify the geometrical input 
data set largely, however is only increasing efficiency if the test is lightweight  and reliable. 

3.3 Geometry data filtering for a rotation-symmetric ellipsoidal hull 
Testing the intersection of one object with N other objects exhibits a linear complexity, if the 

intersection computation is constant. Hence the decision process, whether a building is inside or 
outside the rotation-symmetric hull, has linearly increasing runtime connected to the number of 
buildings, which is desirable. The faster the single intersection test can be computed, the better the 
overall result. An efficient algorithm performs the filtering (or culling) of geometrical objects by 
approximating the mesh items (faces, edges) of a building on convex hulls making an efficient 
three-folded intersection test possible. In the context of urban sound auralization, an appropriate 
solution is proposed by running a pre-test on the intersection of a spherical hull. It is constructed by 
the center point located at the barycenter of the complex building geometry with the radius determined 
by the farthest mesh point distance relative to the barycenter. The suggested approach requires 
semantic layers connecting buildings with corresponding geometry. Additionally, a pre-processing 
step generating the building hulls must be performed, which is moderate in computation time and 
remains constant for static objects. In case of data formats based on the CityGML convention, such 
properties are already largely at hand or can be simply extended, and even data from lower detail levels 
can be used, for example, from shoeboxes of LoD-1, if feasible for the given virtual situation. 

The culling algorithm can be depicted from the flow diagram in Figure 3 and show the culling 
procedure that must be performed for every building. Firstly, the sphere hull of the building under test 
is used and an intersection of the outer sphere that fully contains the ellipsoid is constructed. Any 
object outside the outer sphere is considered irrelevant and can be skipped from further examination. 

Figure 3: Culling algorithm flow diagram. 
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The required intersection test breaks down to a conceivably simple distance measure, because two 
spheres only intersect if the distance between the center points is smaller than the sum of the sphere 
radii. Another advantage is, that spheres are rotation-symmetric and hence a transformation of the 
building mesh is unnecessary, which makes this test remarkably fast.  Accordingly, an inner sphere is 
constructed that lies entirely inside the ellipsoid. Any object within this inner sphere is automatically 
relevant and must be included. A third test is performed on the residual data set that is not marked 
irrelevant but still lies outside the inner sphere. In this indefinite case, a more sophisticated and 
costlier test is performed that evaluates the actual mesh data by transforming the mesh points into the 
ellipsoid reference frame. Equation (3) is then evaluated and the building is considered irrelevant, if 
any of the mesh points lies inside the hull, otherwise it is included. This approach inherits an 
approximation error that leaves objects undetected if the curvature if the ellipsoid is steep  (relatively 
short maximum distance) and the objects under test reveal relatively large flat facades, hence 
precautions have to be carried out if such data may be expected. On real urban data it could be 
observed, that only a few percentages of buildings fall into the indefinite  data set and the possibility 
that a falsely excluded object may have a perceivable effect, i.e. constructs a valid path that would 
have been audible, remains highly improbable. This is supported by the fact that close -by 
source-receiver pairs with a practical dynamic range for the integration of propagation paths based on 
the proposed algorithm construct almost spherical ellipsoids without a steep curvature in the sense that 
it may play a role for a failure of the test. A visualization of the culling result performed on a real data 
set of an inner city is shown in Figure 4, where the circles represent a sound source and a receiver, 
respectively, and the buildings colored in orange are marked relevant buildings for a further 
propagation simulation, while transparent buildings are omitted. The shape of an ellipse can be read 
from the image. 

 

 
Figure 4: Visualization of the acoustics-driven geometry filtering algorithm applied to a real urban data set.     

To emphasize the resulting ellipsoidal shape, an exaggeratedly loud sound source has been used. 

3.4 Extending the filter algorithm for higher reflection and diffraction orders 
The presented culling algorithm has been introduced for a single reflection or diffraction 

component along the propagation path. Without restriction, this concept can be extended to higher 
order reflections and diffractions (including any combination). For the straightforward determination 
of geometrical propagation paths emitted from the source and rece ived by the sensor, interactions 
follow Snell’s law for reflections and Fermat’s principle for diffractions. The challenge of increased 
complexity concerning verification tests is extremely demanding, because they have to be carried out 
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on the entire data set. Any attempt to restrict the relevant geometry accelerates the procedure 
substantially. The proposed culling algorithm can be iteratively performed on the residual data set 
order after order, as every additional interaction of a path with the geometry concludes in an additional 
detour. Before a constructed propagation path is verified, for example, by an intersection test that 
decides if the path is audible, an integrated culling detection following the proposed algorithm can be 
performed that is able to sort out impossible paths efficiently. It can be expected that propagation paths 
departing from the direct line-of-sight between source and receiver become increasingly improbable 
and can therefore be removed at a very early stage of the acoustic simulation. 

4. EVALUATION 
Runtime evaluations have been carried out on a standard desktop computer with an In tel® Core™ 

i7-7700 CPU and 8 GB DDR4 memory running a Microsoft® Windows 10 operating system. For the 
proof of linear complexity  and scalability based on the number of objects , a benchmark of 
the culling algorithm was conducted including a) a constant dynamic range with increasing building 
density and b) increasing dynamic range with constant number of buildings. For controlled conditions 
concerning the variation of the built environment, a randomized 3D city model  (10) was used, that 
generates an equidistant raster of variable building shapes. Separate runtimes of the three individual 
validation components that must be performed for each building in worst-case revealed that a 
maximum of about  ns can be estimated (cf. Table 1).  

Table 1 – Averaged runtimes of individual validation components. 

Validation test Runtime average 

Outer sphere intersection 52 ns 

Inner sphere intersection 53 ns 

Ellipsoid intersection 265 ns 

The first test varied the building number from 63 to  with some exponentially increasing 
intermediate points. An artificial building data set was generated that increases the equally distributed 
density on a square area with edge length of  m. Neither buildings nor source and receiver were 
elevated. The receiver was located at 500 m/500 m and the sound source was located at 800  m/800 m 
and the maximum allowed geometrical detour resulting from a constant dynamic range was 
determined to  m. Figure 4 indicates a good agreement with a linear context. 
 

 
Figure 5: Runtime for increasing number of buildings at constant culling distance. 

The second test distinguishes from the first test primarily by keeping the spatial extend and number of 
buildings constant, while varying the propagation distance between  m and m with 
intermediate values at  m increment. Figure 5 shows only a moderate increase of runtime beginning 
at  ms for the smallest distance and linearly increasing by roughly  ns per  m increment. 
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Figure 6: Runtime for increasing culling distance at constant number of buildings. 

The resolution why the runtime changes over a constant building number lies in the different 
calculation complexity of the individual test components. With increasing distance, the number of 
buildings that cannot be culled immediately by the spherical intersection tests r ises with the size of the 
ellipsoid. Hence, the relatively costly ellipsoid intersection test must be performed more often , 
explaining the result. In summary, it can be said that the algorithm performs as anticipated. 

5. CONCLUSIONS 
It has been shown that filtering geometrical input data from huge data sets based on considerations 

of acoustic transmission in urban environments and perceptual properties of the receiver can be 
implemented efficiently and with an adjustable configuration (dynamic range). The progressive nature 
of culling potentially undetectable geometrical propagation paths by removing building geometries 
outside a region of interest requires careful observation and experimental validation, if pushed to the 
limit. Otherwise, the proposed algorithm can facilitate urban sound auralization of single sound 
sources by reducing significantly the geometrical input data and, in consequence, easing calculation 
demands for subsequent acoustic simulations, which otherwise would lead to an impossible 
calculation runtime. 
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ABSTRACT 
Auralization techniques are rapidly attaining importance, mostly due to their applications in building 
acoustics and virtual reality. As an application, sound insulation auralization has become a valuable tool to 
assess the sound insulation of buildings in terms of investigating how the indoor and outdoor noise sources 
are influencing the daily work and live routine of humans. The airborne sound insulation prediction standards 
have several simplifications that are implicit in the formulation on which they are based. Therefore, it is 
necessary to develop a model to build up an auralization chain of the sound insulation by taking into account 
the complex wave fields on the surfaces of the building elements and the spatial and temporal variation of 
the sound pressure field inside arbitrarily shaped rooms. We investigate the bending (flexural) wave patterns 
on the extended walls of buildings, the directionality of the outdoor moving sound sources to construct 
perceptually correct binaural filters. Additionally, we address the problem of synthesizing the room impulse 
response from the one-third octave band values of the reverberation times. Our proposed approach increases 
acoustic interaction with the virtual environments creating a deeper, more realistic and immersive scene and 
leading to more accurate perceptual evaluations of sound insulation. 
 
Keywords: Sound Insulation, Bending Waves, Auralization, Noise, Perception 

1. INTRODUCTION 
The ability to predict sound and vibration transmissions in built -up structures such as buildings, 

trains and automobiles is important for human comfort, health and safety. There is a high concern 
about steadily growing annoyance due to the noise in private dwellings and the background speech in 
commercial work sites that leads towards reduced power of concentration during physical or mental 
work (1). In this context, in residential and worksite premises, especially in urban area, the 
international standards provided by ISO (International Standards Organization) have reflected the 
trend mentioned above, increasing both in number and covering broader aspects (2). However, these 
guidelines do not provide the optimal acoustic satisfaction when specific sounds (e.g. conversation 
varying in intelligibility) originate from the adjacent office and cause the dissatisfaction in job 
performance in one hand and on the other hand, when transient moving sound source from outdoor 
are creating annoyance in daily life’s physical or mental work. Therefore, measurement procedures 
applied in the laboratory or in the field is just one part of the story. There exist several guidelines and 
standards that describe the performance of buildings elements in terms of noise reduction and sound 
level reduction indices in the form of a single number value and/or frequency dependent curves. 
However, it can be assumed that these quantities are insufficient to describe the real situation for the 
perception of noise, therefore, it is desirable to have a simulation tool which simulates the sound field 
at the ears of the listener from predicted or measured data using auralization of these noises, which, 
better consider the subjective impressions of subjects, and psychoacoustic and psychological factors.  
The basic principle of building acoustic auralization is to simulate the alteration of a sound signal 
from its source to the receiver via transmission through the building structures. The auralization of a 
situation, whether it is an office-to-office situation or against the outdoor sounds, where either the 
speech spoken in one office or the noise produced by an outdoor source, is transmitted through 
building structures, requires the source signal modelling sound propagation, i.e. its generation and 
transmission form walls and the insulation characteristics of the direct and flanking elements of 
dwelling. Both level and spectral characteristics of sources highly depend on the insulation curve of 
the building construction separating the source and receiver. 

Most of the auralization methods of sound insulation are available in compliance with standardized 
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data formats (ISO 12354-1 (3), ISO 12354-3 (4), ISO 3382-2 (5)) of sound insulation by calculating 
point to point transfer functions from source to the listener. However, due to certain limitations that 
are rooted in ISO derivations, it is necessary to address certain important wave phenomenon (such as 
bending wave patterns on the building elements) to design these transfer functions accurately for 
auralization and plausible reproduction of level and coloration.  Therefore, there is an opportunity in 
developing a building acoustic auralization framework based on detailed models of ISO standards and 
available up-to-date research (2) and (6-9), to accurately realize the perception and evaluation of noise 
and its influences on the humans. Hence, we develop an auralization framework dealing with noise 
producing sources located both inside and/or outside the dwellings. However, in this paper, we present 
a part of our model that deals with sound sources against outdoor situations. 

2. AIRBORNE SOUND INSULATION AGAINST OUTDOOR SOUND 
Sound transmission from an outdoor source, (e.g. a moving vehicles), into a building is a complex 

process. The moving sources are directional sound sources with strong low frequency sound 
characteristics. There exist multiple propagation paths from these sources to several parts of a building 
including reflections from the ground and other surround buildings. Sound transmission through 
exterior walls of a building becomes more complicated because of the varying angles of incidence of 
the source, the multiple transmission paths within the building and the fact that these phenomena all 
vary greatly with the frequency of the sound source. In this paper, we introduce a procedure for 
estimating indoor sound levels from outdoor noise sources. The procedure  for the filter designs of 
sound levels should cover sound transmission loss of exterior walls, roof constructions, windows, and 
some doors. 

2.1 Sound Insulation Model 
Our first model for outdoor sound insulation prediction is based on the filter design techniques 

described in the previous work (10, 14, 16, 17). However, the procedures of filter design for sound 
levels should cover sound transmission loss of exterior walls, roof constructions  and windows. 
Therefore, we begin with a new idea of segmenting the building elements into finite size patches 
known as secondary sound sources (SS), because generally the exterior walls of common buildings 
are consist of an assembly of two or more parts or surfaces (e.g. windows etc.). ISO 12354-3, provides 
basic guidelines for airborne sound insulation against outdoor sound source, which are based on 
diffuse field theory. The diffuse sound field approximations are very advantageous for the indoor cases 
where the adjacent rooms are assumed to be diffuse. This is not the case for outdoor environments. 
Hence, we take into account only the direct part of the sound filed hitting the surfaces of the building 
elements exposed. We consider direct sound transmission paths , through each small part of the 
element (secondary sources) because it is assumed that the transmission for each secondary source is 
independent from the transmission of the other (4, 6). Therefore, for a direct sound field the sound 
transmission coefficient of a plane wave depends on the angle of incidence , between the direction 
of propagation of the incident plane wave and the normal to the plane of the exterior elements (i.e. 
walls). Furthermore, there are certain building acoustics parameters for which, normally, the spatially 
averaged values are used for indoor cases such as; vibration velocities on the surface of elements, 
radiation efficiencies and bending wave transmission across the junctions. However, we consider the 
angle of incidence dependent radiation efficiencies  , to get angle dependent transmission 
coefficients. The angle dependent transmission coefficient is denoted as  and is given by, 

 (1) 

 is impedance of free medium (i.e. air). The bending wave impedance of the wall , is given 
by Equation 2. 

 (2) 

Here,  is the critical frequency and  is the loss factor of element. The single sided radiation 
efficiency , for infinite plate is given by Equation 2 (for ). 
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 (3) 

Therefore, Equation 1 can be rewritten as, 

 (4) 

 
After simplifications, we finally get the angle dependent transmission coefficient given by, 

 
(5) 

We now calculate this angle dependent transmission coefficient (Equation 5) for the small segments 
(finite patch), which is a function of angle dependent radiation efficiency . However, due to the 
assumption of infinite size plates, important discrepancies may be found between predicted and 
experimental data (18). To remove these discrepancies, we adopted spatial windowing technique 
which is introduced by Villot et al. in (8), where, he showed that the results are much closer to 
measurement results than other simple procedures. Hence, we implement this technique for finite size 
secondary sources ( ) and hence calculate the corresponding transmission coefficients. In spatial 
windowing technique, the idea behind is to compute the radiated power where only a small area  
(of length  and width ) of an infinite structure contributes to the sound radiation, as shown in 
Figure 1. 

 

 

Figure 1 – Exterior wall between source and receiver, segmented into patches (SS) 

Assuming a propagating structural wave of wave number , the velocity field in the wave number 
domain is defined by taking the spatial Fourier transform, giving,  

 (6) 

Where,  is the azimuth angle for . This result is used to calculate the radiated power (with 
reference to Fahy (15)) and is giving, 
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 (7) 

With  and . The radiation factor (8, 15) is then calculated by double 
integral, which may be written as, 

 

(8) 

Villot (8), found that the dependence of the radiation efficiency (Equation 7) on the angle  is 
slight. Therefore, in order to condense the results and present the variation of the radiation efficiency 
as a function frequency and angle of incidence , the radiation efficiency is averaged over . 

 

(9) 

Furthermore, Fahy (15) and Villot (8) observed that for , the radiation efficiency of the 
finite structure (e.g. ) using spatial windowing filtering is lower than that of the infinite 
system for any angle of incidence and does not significantly vary with the angle of incidence , 
whereas, for , radiation efficiency of the finite structure increases with the angle of incidence 

, following the radiation efficiency of the infinite system, up to a certain incidence angle and does 
not significantly vary afterwards. For an acoustic wave, the wave number  is related to the incident 
angle , by . Therefore, the transmission coefficient given in Equation 5 can now be 
determined for small size secondary source (denoted by ) by inserting sigma from Equation 9 
for frequencies greater than critical frequency. Below the critical frequency, the sound transmission 
coefficient is calculated using the average diffuse field single sided radiation efficiency approach  
given in (3), while the bending stiffness is ignored. 

The idea is now to apply the spatial windowing to the radiation process and also to f ind the effect 
of spatially windowing on the incident pressure field, there by correcting the transmission factor of 
the infinite structure to obtain the corresponding transmission factor of the finite structure  , thus 
using Equation 9 into Equation 5, we can get the final transmission coefficient for a single secondary 
source. Another approach proposed by Vigran in (18) to obtain the transmission coefficient , for 
finite plate (i.e. in our case secondary source), is to calculate the transmission coefficient  for 
infinite plate and then use Equation 10 to get finite  . The term   is the phase of the 
secondary source radiation, which depends on the incidence angle of the wave and time of arrival of 
wave at secondary source. In this paper, we are not discussing on the phase part of Equation 10. 

 (10) 

2.2 Filters Design Technique 
Sound insulation filters are designed based on the above presented model , where at the first place, 

we consider the sound source directivities. Secondly, the sound insulation transfer functions from 
source to the receiving rooms are calculated for extended walls by using concept of dividing the 
individual building element into a multitude of secondary sound sources. The elements may be 
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homogeneous (e.g. a single homogeneous wall element) or consisting of an assembly of two or more 
parts or surfaces (e.g. doors, windows). Thirdly, the receiver room acoustics is implemented in a way 
that it includes the receiving room reverberation based on room geometry, absorption and binaural 
transfer functions between secondary sound sources and the receiver. Moreover, the room impulse 
responses (RIRs) are synthesized from one-third octave band values of the reverberation times of the 
receiving room. 

To proceed for the filters design procedure, let us take a sound source with directivity,  and the 
acoustics power  (in Watts). Then the mean squared sound pressure at any point 
at a distance , from the source in energetic notation is given by Equation 11. 

 (11) 

The sound power on the external surfaces of the building elements can be calculated with a simple 
modification to the stationary sound fields in the ordinary room that is to separate the direct sound 
field and the reverberant part. Therefore, under free field conditions the direct incident sound power 
on a secondary sound source ‘ ’ of a surface area of , denoted by  is given by Equation 12, 
where  is the distance from the source acoustic centre to the infinitesimal element  and  is the 
incidence angle. The quantities ,  and  depend on the element geometry. 

 (12) 

Let the integral in Equation 12 can be written as, 

 (13) 

The, , can be approximated numerically under the conditions that the  elements are neither 
very large, nor very close to the sound source position and  is smooth in the direction of interest. 
This integral is obtained by assuming that  and  do not vary significantly along . In this 
way,  can be taken out of the integral and we get 

 (14) 

Where,  is the length of vector that goes from the source to the centre of secondary source  
and  , is the angle of incidence of vector,  . The   denotes the mean directivity value for 
particular value of  . We calculate the integral   numerically by the well-known adaptive 
Simpson’s method. Thus the incident power on the each secondary source of an element can be 
calculated by 

 (15) 

Using Equation 15 and the definition of the transmission coefficient, the sound power transmitted 
from source to receiver room by one secondary source is given by 

 (16) 

Using Equation 9 and Equation 5, we get  and hence, . And finally the contribution of 
the  path for the finite size patch to the mean squared pressure in the receiving room is derived as 
follows by using the expression given by Equation 17 with , as directivity of secondary source and 

, as the equivalent absorption area of the room. 

 (17) 
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The time domain representation of the sound pressure for single ‘ ’ is given by Equation 18, 
where  is the area of the walls and  is the distance of receiver from secondary source. 

 (18) 

For an input time signal,  and transfer function , the final sound pressure in temporal 
domain from source to receiver for one secondary source as radiating element is given by, 

 

 (19) 

2.3 Auralization 
Once, the filters for sound insulation are calculated as described in the previous section, 

auralization makes the sound pressure in the receiving room audible at the ears of the listener by an 
appropriate equipment using reproduction techniques. From an input time signal  and transfer 
functions (i.e. filters), the time signal at the output of any LTI system can be  calculated by means of 
convolution techniques. Hence, the time signal at a receiver in a room is calculated from the source 
signal and the transfer function from all secondary sources to the listener by convolution. However, 
the filters length is an important parameter for convolution technique. We generally consider the 
building acoustics frequency range to be defined by one-third-octave-bands from 50 to 5000 Hz. For 
signal processing, these quantities have to be turned into frequency spectra with a pract ical number 
of frequency lines. In case of sound insulation filters, an input with 21 values in one -third octave 
bands ranging from 50 Hz to 5000 Hz are given. To obtain a frequency spectrum with 4097 lines, 
these values have to be interpolated. This is done by applying cubic spline interpolation on insulation 
filters. 

In the receiving room the secondary sources, located at different positions and orientation relative 
to the listener’s ears, are excited by bending waves due to the sound transmission from the source, 
therefore, they are required to be perceptually localized to create a spatial impression of listening the 
room. Hence, it is necessary to consider an auralization with measured or individualized binaural 
signals by head related impulse responses (HRIR) or corresponding head related transfer function . 
The expression   in Equation 19 is then replaced with   for binaural 
room impulse response. In our signal processing, the HRTFs of the ITA dummy head are used. 
Furthermore, to listen the impression of the receiving room, we have simulated impulse response for 
the receiving room for each secondary source to the listener position. The expression,  , in 
Equation 19 is the room impulse response form a secondary source to the receiver and is statistically 
valid for all points inside the room. 

3. RESULTS 

3.1 Verification of Sound Reduction Index ‘ ’ 
The method presented is tested in a scenario where the receiving room dimensions are taken as 

 . The external wall of the room is made of concrete material and is taken as 
homogeneous finite size plate with internal loss factor,   and critical frequency, 

. To verify the results for the direct sound transmission it is segmented into small patches ( ) 
as shown in Figure 1, and for each patch the transmission coefficients are calculated after applying 
spatial windowing technique. Here it is necessary to mention that each patch is concrete with same 
material properties so that we can verify the results of model with ISO standard. After computing 
sound reduction index  for each  the total reduction index is obtained by using Equation 20, 
from Vigran (8), and comparison with ISO standards is shown in Figure 2. 

 (20) 
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Figure 2 – Comparison of Sound Reduction Index ( )

3.2 Visualization of Sound Filed 
A sound source is placed at three positions in the vicinity of the building and sound pressures level 

is calculated at the exterior surfaces and in the receiving room for these positions as shown. 
 
 

 
Figure 3 – Sound pressure level at the exterior boundaries of the building. And a, b and c are the 

sound pressure level at , height from floor in receiving rooms for three source positions
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4. CONCLUSIONS 
We presented a sound insulation model for filter design in the context of outdoor sources. The 

findings of this work are analogous to the results of ISO standards. From the results we can conclude 
that the spatial windowing techniques is quite advantageous for segmenting the building elements into 
finite size small patches as multitude secondary sources. Hence, it is possible to treat each secondary 
sources as a sound radiating element for the auralization with its specific phase rather than taking the 
whole wall as a single point source radiator located at its centre. Furthermore, since the authors assume 
that the moving outdoor sound source can be perceptually localized within the dwellings and are one 
of the major reasons for distraction and annoyance, therefore, the next step is to conduct listening 
experiments to auralise a building scene where the outdoor source would be placed at any location in 
the vicinity of the building to analyse the localization capabilities of the listeners. 
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Abstract
Assistive hearing devices often have a low user acceptance due to a limited sound quality. Recently, the concept
of acoustic transparency was proposed to increase the sound quality for hearing-impaired and normal-hearing
users. Acoustic transparency of a hearing device refers to the acoustic perception of an open ear canal while
the device is inserted in the ear. This can be achieved by applying an equalization filter to the output of the
device such that the transmission properties of the open ear are obtained [1, 2]. In this contribution we give
an overview of our approach to acoustically transparent sound presentation. We present recent advances in our
custom earpiece design with multiple receivers and microphones [1, 3] as well as signal processing algorithms
for robust acoustic feedback suppression [4] and sound pressure equalization [1, 4, 5, 6]. We present results
from subjective evaluations of a real-time demonstrator in terms of the overall quality compared to the open
ear [7] and outline future research directions, e.g., using individualized electro-acoustic models to alleviate the
necessity of measuring the acoustic transfer functions within the device and to the eardrum [8].
Keywords: Acoustic Transparency, Feedback Cancellation, Sound Pressure Equalization
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ABSTRACT 

Since cochlear implants lack an efficient coding of fine structures of speech including F0, it is generally 

difficult for cochlear-implanted (CI) children to perceive linguistic tones, of which F0 is the primary acoustic 

cue. In whispered speech, however, F0 is missing and no longer serves as an acoustic cue of tones. Using a 

picture selection task, we compared the identification of Mandarin four tones in isolated syllables between two 

groups of 4-to-5-year-old children, i.e., CI and normal-hearing (NH) groups, in both normal speech and 

whispered speech. For normal speech, NH showed significantly higher identification than CI, regardless of 

tone which showed no significant effect. For whispered speech, both groups identified T3 better than other 

three tones, possibly due to their use of other cues for T3; also, no significant difference was found between 

the two groups on all tones but T3, on which NH showed significantly higher identification than CI, suggesting 

that NH retrieved the voice quality cue for T3 better than CI. In both groups, identification rate was 

significantly lower for whispered speech than for normal speech, but the decrease in the rate was greater in 

NH than in CI, confirming that NH’s tone perception relied more on F0.  

Keywords: Cochlear-implanted children, Mandarin, Tone perception, Whispered speech 

1. INTRODUCTION

Cochlear implants technology is a revolutionary advancement in biomedical engineering in the 

recent decades. It successfully employs electronic engineering techniques to simulate human auditory 

system, and has been widely used in hearing impaired children. Patients with severe sensorineural loss 

can regain hearing and communication skills after cochlear implantation. However, the cochlear 

implants technology has been less efficient in speakers of tone languages like Mandarin. To be specific, 

it is difficult for cochlear implants recipients to use fundamental frequency (F0) information to perceive 

tones and intonation. Because the speech coding strategy of cochlear implants was originally developed 

based on the Western non-tone languages, the consideration of the acoustic characteristics of the 

fundamental frequency is not thoughtful. Although duration, amplitude, and spectral envelope play a 

compensating role in the recognition of tones in the absence of the fundamental frequency, the 

performance of speech recognition for Mandarin users is still not satisfactory. 

F0 is the most important acoustic cue for lexical tones, though there is also some redundant 

information carried by F0. For example, some previous studies found that even if Mandarin speech 

goes through a high-pass filter at 2.4 kHz, the rate of tone recognition was still high. In addition, Liu 

et al. (2004) found that even if the upside part of F0 for low tone (T3) was deleted, the recognition of 

T3 by normal people is still unaffected. Moreover, the role of other acoustic cues in tones, like duration, 

was still debated. Xu et al. (2002) reported that the recognition rate of four Mandarin tones reached 

56.5% (above the chance level 25%) with duration information only for normal participants.  In addition, 

the comparative experiment found that after removing the duration information, the recognition rate of 

tones was reduced by about 15%. In contrast, Kou et al. (2008) argued that duration was only a marginal 

cue, because their study showed that the recognition rate of tone was only 35% (the chance level is 

25%) in duration-only condition. 

1 dingxin0417@126.com 
2 wtgu@njnu.edu.cn 
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In whispered speech, F0 information is missing, and listeners can only use the spectral envelope 

information to recognize tones. In this case, the rate of tone recognition by normal hearing people is 

about 60%-70% (Kong et al., 2006), which indicates that it is impossible to rely solely on duration and 

amplitude information. They believe that the formant frequency in the spectral envelope information is 

also used for tone recognition in whispers. Since there is no way to accurately control duration and 

amplitude contour information in whispered speech, it is still unknown how the spectral envelope 

information can be used to identify tones in whispered speech. 

Many previous studies have focused on tone perception in children with cochlear implants (CIs). It 

has been shown that Cantonese-speaking children with CIs had a significantly lower perceptual 

accuracy of six Cantonese tones than the normal hearing (NH) children of the same age. For example, 

Ciocca et al. (2002) conducted a Cantonese tone recognition test on 17 children aged 4 to 9 years old 

with a Cantonese-speaking cochlear implant. The test sound was untreated natural speech. The 

experimental results showed that only two participants had recognition scores above the chance level. 

Lee et al. (2002) selected three tone pairs with distinct tonal differences in Cantonese, and the perceived 

accuracies were 92% and 64% for NH and CI children, respectively. Peng et al. (2004) investigated the 

perceptual ability for Mandarin tones of 30 Mandarin-speaking CI children, and the result was 72.8%, 

which was very similar to Xu et al. who reported 71% accuracy. Wei (2004) studied the tone recognition 

ability of 14 children with cochlear implants. They adopted the "forced-choice paradigm" in tone 

discrimination, and the results showed that their average recognition rate was 62.8%, and there we re 

also individual differences. 

Whisper is a special phonation type, in which the vocal cords do not vibrate, and thus F0 is missing. 

Also, whisper is associated with low intensity and low SNR. Liang (1963) found that the recognition 

rates of four tones in whispered speech were 53.5% (T1), 48.3% (T2), 79.1% (T3), and 73.3% (T4), 

respectively. Qian et al. (2000) found that the rate of tone recognition was 58.5% when only amplitude 

envelope was used, and reached 59.1% when both amplitude envelope and duration were employed, so 

it was concluded that amplitude envelope and duration played an important role in recognizing T3 and 

T4. Sha (2003) showed that tones in isolated whispered syllables could still be recognized, so amplitude 

envelope and duration are both important factors in the recognition of tones. In this study, we compared 

the ability of tone identification in CI children in normal speech and whispered speech. 

2. Method 

2.1 Participants 

Two groups of participants, i.e., the cochlear implanted (CI) group and the normal hearing (NH) 

group, were recruited in the perceptual experiment. Each group consisted of 12 children including 9 

boys and 3 girls. All participants were from native Chinese-speaking families, without any report of 

neurological or psychiatric diseases. The children in the CI group were recruited from the Speech and 

Hearing Rehabilitation Center of Jiangsu Province, aged between 4;7 and 5;7, with profound hearing 

losses (≥ 91 dB HL) in both ears prelingually. They were all implanted at the age of 1;5-3;0, and the 

duration of their using CIs was from 2;3 to 3;9. The children in the NH group were from Baoli Amethyst 

Mountain Kindergarten Affiliated to Nanjing Normal University, aged from 4;4 to 5;6. T-test did not 

show any significant difference in the age between the two groups. 

2.2 Materials 

For the four tones, there are six tone pairs. For each tone pair, we selected 3 pairs of monosyllabic 

words. Thus, there were altogether 18 pairs of monosyllabic words, as listed in Table 1. The two words 

in each pair shared the same segments, differing only in tone. For each word, a corresponding picture 

was also prepared. 

2.3 Procedure 

The tone identification experiment consisted of two tasks, one for normal speech and the other for 

whispered speech. Before the experiment, each participant received a training session to get familiar 

with the pictures and the experimental procedure. During the experiment, after each stimulus was 

played back through loudspeakers, the participants were asked to identify the picture corresponding to 

the stimulus. 

In each task, the stimuli were presented in a random order using E-Prime 2.0. A laptop Lenovo new 

Air Pro with a screen resolution of 1366×768 was used, and a pair of loudspeakers Edifier R26T with 
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a signal-to-noise ratio ≥85dBA and distortion less than 0.5% were placed on both sides in front of the 

participants, with a 0.5m distance in between. The recording volume was set at about 70dB SPL. 

Table 1 – Word list for tone identification 

T1 vs. T2 
chuāng chuáng qiāng qiáng tāng táng 

窗 床 枪 墙 汤 糖 

T1 vs. T3 
sān sǎn shū shǔ wū wǔ 

三 伞 书 鼠 屋 五 

T1 vs. T4 
bāo bào bēi bèi dēng dèng 

包 报 杯 被 灯 凳 

T2 vs. T3 
hú hǔ bí bǐ yú yǔ 

狐 虎 鼻 笔 鱼 雨 

T2 vs. T4 
wá wà yé yè tú tù 

娃 袜 爷 叶 图 兔 

T3 vs. T4 
liǔ liù jiǎn jiàn mǐ mì 

柳 六 剪 剑 米 蜜 

3. Results

3.1 Normal speech experiment 

Figure 1 shows the overall rates of tone identification for each participant in the condition of normal 

speech. All results are above the chance level 50%. The result of statistical analysis shows that the 

mean accuracy rate is significantly higher in the NH group (99.0%) than in the CI group (76.1%). 

Moreover, the average rates of identification into each tone type are shown in Table 2. 

Repeated-measures ANOVA was conducted on the accuracy rates, with group as inter-subject factor, 

and tone as intra-subject factor. The results showed that group had a significant main effect (F(1,23)= 

81.478, P<0.0001, η2=0.78), while tone did not have any significant effect (F(3,69)=0.916, P=0.438, 

η2=0.03). Also, the interaction between tone and group was not significant (F(3,69)=0.833, P=0.48). 

Figure 1 – Accuracy of tone identification for each participant in the condition of normal speech 

Table 2 – Rates of tone identification for normal speech in the CI and NH groups 

T1 T2 T3 T4 

CI 

T1 0.746 0.105 0.090 0.059 

T2 0.077 0.742 0.146 0.034 

T3 0.031 0.143 0.752 0.074 
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T4 0.109 0.041 0.050 0.802 

NH 

T1 0.994 0.000 0.000 0.006 

T2 0.003 0.989 0.009 0.000 

T3 0.009 0.003 0.986 0.003 

T4 0.003 0.003 0.003 0.991 

 

 

Figure 2 – Accuracy rates of tone identification for normal speech 

3.2 Whispered speech 

In the condition of whispered speech, the two groups showed a significant weaker tone recognition 

ability than in the condition of normal speech. The results of tone recognition for whispered speech is 

shown in Table 3. The scores of the NH group have dropped significantly compared with the previous 

(99.0%), with an average correct rate of 65.2%. The recognition scores of children in the cochlear 

implant group were mainly concentrated in the range of 45%-62%, the average correct rate was 55.5%, 

and the average correct rate under normal speech conditions was 76.1%. This indicates that this task is 

difficult for both groups of participants, but the rate of decline in the recognition rate of children in the 

hearing group (33.8%) is greater than that of the children in the cochlear group (20.6%).  

 

  

Figure 3 – Rates of tone recognition for whispered speech in CI and NH groups 

Table 3 – Rate of tone identification for whispered speech in the CI and NH groups 

  T1 T2 T3 T4 

CI 
T1 0.466  0.203  0.160  0.170  

T2 0.123  0.566  0.170  0.142  
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T3 0.099 0.147 0.617 0.136 

T4 0.194 0.132 0.102 0.571 

NH 

T1 0.521 0.208 0.151 0.120 

T2 0.105 0.618 0.228 0.048 

T3 0.046 0.063 0.835 0.057 

T4 0.214 0.057 0.097 0.632 

From the confusion matrix, although the recognition rate of the four tones of the two groups is high 

or low, there is still a certain rule, that is, the order of the four sounds from high to low is T3>T4>T2> 

T1. At the same time, there is a problem in the discrimination between the two groups of whispers. It 

is easy to judge T1 as T2, T2 is easy to judge as T3, T3 is easy to judge as T2 and T4, and T4 is easy 

to judge as T1. However, it is worth noting that the discrimination rate of T3 in normal children 

(83.48%) is significantly higher than that in CI children (61.73%), probably because T3 has the longest 

duration, and CI children cannot perceive the fine structure in tone.  

Figure 4 – Accuracy rate of tone recognition for whispered speech in CI and NH groups 

Mixed ANOVA shows a significant main effect of group (F(1,23)=21.14, P<0.0001, η2=0.479) – the 

NH group has a significantly higher accuracy rate (65.2%) than the CI group (55.5%). Tone also has a 

significant main effect (F(3,69)=15.34, P<0.0001, η2=0.40) – T3 has a significantly higher accuracy 

rate (72.6%) than three other tones, and T4 has a significantly higher accuracy rate than T1 and T2. 

There is also a significant interaction effect between group and tone (F(3,69)=2.75, P=0.049, 

η2=0.107). Simple effect analysis shows that only in T3, the identification of the NH group and the 

cochlear group There was a significant difference between the rates (83.5% vs 61.7%), and there was 

no significant difference in the recognition rates between the two groups in the whispers of T1, T2 and 

Deaf. At the same time, we also found that among the four tones of the whispering group, the 

recognition rate of the upper voice (83.5%) was significantly higher than that of T1 (52.1%), T2 

(61.8%), and de-sounding (63.2%). There was a significant difference between the upper acoustic 

(61.7%) and the T1 (46.6%) in the CI group, and there was no significant difference between T2 

(56.6%) andT4 (57.1%). 

3.3 Comparison: Normal speech vs. Whispered speech 

The identification rates in the two experiments were analyzed by repeated-measures ANOVA, using 

phonation type (normal, whisper) and tone (T1, T2, T3, T4) as within-subject factors. 

For the NH group, phonation type has a significant main effect (F(1,12)=423.974, P<0.0001, 

η2=0.972) – the identification rate in normal speech (99%) is significantly higher than in whispered 

speech (65.2%). Tone also has a significant main effect (F(3, 36) = 16.51, P < 0.001, η2 = 0.579). There 

is also a significant interaction effect between tone and phonation type (F(3, 36) = 22.108, P < 0.0001, 

η2 = 0.648). Simple effect analysis further shows that there is no significant difference between four 

tones in normal speech, while in whispered speech T3 has a significantly higher rate than other tones, 

and T2 has a significantly higher rate than T1. 
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For the CI group, the main effect of phonation type was significant (F(1,11)=45.442, P<0.0001, 

η2=0.805) – the identification rate in normal speech (76.1%) is significantly higher than in whispered 

speech (55.5%), while the main effect of tone was not significant (P=0.171). Also, the interaction 

between tone and phonation type is not significant (P = 0.099). 

When the whispered tone is heard, their recognition rate will decrease, but the decrease in the NH 

group (33.8%) is more severe than in the CI group (20.6%). This indicates that the NH children's 

judgment on tones is more affected by F0 than the CI group. 

 

 

Figure 5 – Accuracy of tone identification for normal speech and whispered speech in the NH group 

 

Figure 6 – The tone recognition rates for normal speech and whispered speech in the CI group 

4. Discussion and conclusion 

Because cochlear implants are not directed to tone languages, the presence of a deaf-speaking 

cochlear implant in a native language has been a concern for academics. Peng et al. (2004) showed that 

the rate of tone discrimination in CI children was 72.88%, in comparison to at least 95% for NH children. 

The present study found that children in the cochlear implant group were significantly weaker than the 

children in the hearing group, regardless of their ability to recognize natural speech in a quiet 

environment or the ability to identify whispers that lacked the fundamental frequency. 

In the tone identification experiment for normal speech, the rate of recognition in the NH group was 

as high as 98.99%, and the correct rate of the cochlear group was 75.62%. This is basically consistent 

with the results of previous studies. At the same time, repeated-measures ANOVA showed that there 

was no significant difference between the two groups in recognize the four tones, and the ability to 

distinguish the four tones was relatively uniform. Probably because the current multi -cochlear cochlear 

implant uses the acoustic information extracted by the limited filtering channel on its corresponding 

electrode, which causes the cochlear implant to not distinguish the fundamental frequency well, and 

the primary information of the tone perception is the base. Frequency. Xu et al. used vocoder technology 

to simulate the cochlear implant and found that the number of filter channels is proportional to the tone 

discrimination ability of the cochlear implanter. This indicates that the low-frequency resolution may 
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be that the cochlear implanter perceives the tone as inferior. An important factor in hearing people.  

However, by examining the vocabulary tonal recognition ability, we found that in the face of missing 

whispers of the fundamental frequency, the recognition rate of children in the NH group was only 

64.89%, while the recognition rate of the CI group (55.09%) was also close to the chance level, 

indicating that this task was difficult for both groups. The experimental results of the two groups of 

children also have certain regularity. Their identification of T2 and T3 is easily confused with each 

other. The recognition rate of four sounds is ranked from high to low: T3>T4>T2>T1. This is also 

consistent with the results of previous studies on tone learning. Chen and other scholars have found 

that children with cochlear implants have a slower pace of tone learning, but the order of their tone 

acquisition is consistent with that of hearing children. T2 and T3 have similar acoustic characteristics, 

which is why the two are susceptible to confusion in perception. Through repeated measures analysis 

of variance, we found that there was a significant difference in the interaction between the group and 

the tone, especially in the recognition rate of the upper voice, the score of the hearing group (83.5%) 

was significantly higher than that of the cochlear group (61.7%). The highest recognition rate of the 

upper voice may be because the average duration is the longest, which indicates that the children in t he 

hearing group can basically grasp the clues other than the fundamental frequency in the whispering 

perception, such as the duration and fine structure to perceive the tone, while the cochlear implant is 

implanted in the child because of the equipment. Defects do not perceive fine results well at baseband 

encoding, and they cannot be used to aid tone identification. 

By comparison, the tone identification rate in normal speech is significantly higher than in 

whispered speech. The recognition rate of the NH group (91%) is significantly higher than that of T1 

(75.8%), T2 (80.3%) and T4 (81.2%). At the same time, the recognition rate of T2 is also significantly 

higher than that of T1. For the CI group, T4 (68.6%) > T3 (68.5%) > T2 (65.4) > T1 (60.6%), but there 

was no significant difference between the four tones. However, the CI group have better recognition of 

the upper and lower sounds, indicating that the cochlear implant children can use duration information 

to distinguish between the upper and the lower sounds. Moreover, the decline in the recognition rate in 

the NH group from the ordinary tone experiment to the whisper tone experiment (33.8%) was greater 

than in the CI group (20.6%). This indicates that the NH group’s judgment of tones is affected more 

severely by F0 than the CI group. 

Tone recognition is important in speech communication for CI children. Because of the limited 

sample size, this experiment did not strictly control the auditory speech level and parental guidance of 

children before cochlear implants. In order to continue to investigate the specific factors affecting the 

tone perception ability of children with CIs, and if these factors interact, it is necessary to expand the 

sample size and conduct a large number of studies.  
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ABSTRACT 

Speech communicates non-linguistic and para-linguistic information as well as linguistic information. Our 
previous studies on noise-vocoded speech (NVS) showed that temporal modulation cues provided by the 
temporal amplitude envelope (TAE) affect how vocal emotion and speaker individuality are perceived. 
However, it is still unclear if temporal modulation cues affect the perception of urgency. Here, we 
experimentally investigated whether the TAE of speech affects the perception of para-linguistic information, 
particularly urgency. We compared NVS in which the TAEs were identical to those of the original speech and 
NVS in which the TAEs had undergone low-pass or high-pass filtering. Urgency scales were derived from a 
paired comparison of the results and used to investigate the relationship between the temporal modulation 
components and urgency perception. Our findings were (1) the degree of urgency of the NVS stimuli was 
perceived as being similar to that of the original; (2) temporal modulation components of NVS upwards of 6 
Hz were significant cues for urgency perception; and (3) temporal modulation components of NVS 
downwards of 8 Hz were significant cues for urgency perception. The results suggest that temporal 
modulation cues in the TAE play an important role in urgency perception. 
 
Keywords: Urgency perception, noise-vocoded speech, temporal amplitude envelope, modulation perception 

1. INTRODUCTION 
Speech is the most important and natural way for people to express linguistic, nonlinguistic, and 

para-linguistic information. In particular, in addition to using linguistic information to convey 
messages, people use nonlinguistic information such as emotion and speaker individuality to enrich 
their speech. In addition, para-linguistic information such as emphasis and intention by people’s 
actions is also used for richer speech. Important features related to linguistic, nonlinguistic, and para-
linguistic information are redundantly contained in the speech signals. Therefore, people can easily 
and correctly recognize this information in daily life even if some features are obscured due to noise 
and reverberation. 

The temporal amplitude envelope (TAE) of speech has been proved to be an important cue for 
speech perception from the studies using noise-vocoded speech (NVS) [1-4]. NVS is generated by 
replacing the carriers with band-limited noise, so the spectral cue is reduced dramatically and the 
temporal cue is preserved. Shannon et al. showed that the presentation of a dynamic temporal pattern 
in only a few broad spectral regions is sufficient for listeners to recognize linguistic information [1]. 
The modulation frequency bands from 4 to 16 Hz have been shown to be important regions in speech 
recognition [5]. Therefore, people can successfully perceive linguistic information using the TAE of 
speech signals as a primary cue. 

In our previous study, the relative contributions of spectral and temporal cues in vocal emotion 
recognition and speaker individuality for NVS were clarified by systematically varying the number of 
channels and upper limitation of envelope frequency [6, 7]. The results demonstrated that temporal 
resolution contributes to recognizing both speaker and vocal emotion. Therefore, temporal cues lower 
than the modulation frequency of 8 Hz are found to be important for perceiving not only linguistic 
information but also speaker individuality and vocal emotion. However, the role of temporal cues in 
para-linguistic information is still unknown. 

This paper aims to investigate the effect of TAE of speech on urgency perception as non-linguistic 
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information. Thus, three experiments are conducted (1) to investigate whether or not the TAE of 
speech is a cue of urgency perception by using original and NVS stimuli individually; (2) to 
investigate whether or not the TAE of speech is a cue of urgency perception by using these stimuli 
simultaneously; and (3) to investigate which temporal modulation component in the TEA of speech is 
a cue of urgency perception by restricting the upper or lower modulation frequency of TAE.  

2. NOISE-VOCODED SPEECH 

2.1 Speech data 

In this paper, real speech data of evacuation announcements by a professional male speaker that 
Kobayashi and Akagi [8] used are used as original stimuli. Content of these stimuli was a Japanese 
evacuation announcement: “Ima sugu nigetekudasai” (“Please evacuate now”). In this study, the 
evacuation announcement was made in four different styles to investigate perception of urgency for 
these stimuli. These were labeled “A,” “B,” “C,” and “D.” The corresponding NVS stimuli were also 
labeled “a,” “b,” “c,” and “d.”  

2.2 Speech synthesis based on NVS 

Figure 1 schematically illustrates the signal processing to generate NVS. First, to reduce the effect 
of the average intensity, the active speech levels of all speech signals were normalized to 26 dBov 
by using a P.56 speech voltmeter [7]. Speech signals were then divided into several frequency bands 
by using a band-pass filterbank. The bandwidth and boundary frequencies of the band-pass filter 
(BPF) (6th-order Butterworth infinite impulse response (IIR) filter) were defined using Equivalent 
Rectangular Bandwidth (ERBN) and ERBN-number scale [9]. The ERBN-number scale is comparable 
to a scale of distance along the basilar membrane, so the frequency resolution of the auditory system 
can be faithfully replicated by dividing frequency bands in accordance with the ERBN-number. The 
relationship between ERBN-number and acoustic frequency is defined as follows: 

    ERB number 21.4 log
.

1                                   (1) 

where 𝑓 is acoustic frequency in Hz. The boundary frequencies of the BPFs were defined from 3 to 
35 ERBN-number with bandwidth as 2 ERBN. Therefore, the band-pass filterbank had 16 channels.  

Then, the TAE of the output signal from each BPF was extracted by using the Hilbert 
transformation and performing a low-pass filter (LPF) (2nd-order Butterworth IIR filter). The cut-off 
frequency of the LPF determined the upper limit of modulation frequency of 64 Hz. The upper limit 
of modulation frequency relates to the temporal resolution that higher temporal resolution will be 
obtained with a higher upper limit of the modulation frequency.  

Finally, the TAE in each channel served to modulate amplitude with the narrow band-limited noise 
(NBN) that was generated by band-pass filtering white noise at the same boundary frequency. All 
amplitude-modulated NBNs were summed to generate the NVS stimulus. 

 
Figure 1 – Schematic diagram of noise-vocoder method used to generate stimuli. 
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3. EXPERIMENT I: Urgency perception on temporal envelope of speech 
 
Psychoacoustical Experiment I was conducted to investigate whether temporal modulation cues 

provided by the TAE affect how urgency of speech is perceived by using NVS. 

3.1 Stimuli, Participants, and Procedure 

Each four stimuli of original evacuation announcements and the corresponding NVSs were used. 
Two stimuli were paired randomly to make a paired comparison experiment. The total number of 
paired stimuli was 12. Silence between the first and second stimuli was 0.5 s. Total execution time 
was about 10 min. 

Ten native Japanese speakers (three females and seven males, aged 22 to 25 years old) participated 
in this experiment. All participants had normal hearing (hearing losses of the participants were below 
the hearing level of 12 dB in the frequency range from 125 to 8000 Hz). 

The experiment was conducted while the participants were in a soundproof room. The stimuli were 
simultaneously presented to both ears of a participant through a PC, audio interface (RME, Fireface 
UCX), and a set of headphones (Sennheiser HDA 200). The sound pressure levels were calibrated to 
be the same for all participants by using a head and torso simulator (B&K, type 4128) and sound level 
meter (B&K type 2231). 

This experiment was carried out using Scheffe’s method of paired comparison to evaluate the 
degree of urgency of stimuli. Participants were asked to evaluate whether or not the first stimulus was 
more urgent than the second one by using a five-grade evaluation measure ( 2: the first stimulus is 
rather more urgent, 1: the first stimulus is somewhat more urgent, 0: even, 1: the second stimulus 
is somewhat more urgent, and 2: the second stimulus is rather more urgent).  

3.2 Results 

Figure 2 shows the degrees of urgency for original stimuli derived from the results of Experiment 
1 by using Sheffe’s method of paired comparison. Figure 3 also shows the degrees of urgency for NVS 
stimuli. The horizontal axis in both figures shows the urgency scale, where the positive scale indicates 
a higher degree of urgency. These results reveal the order of degrees of urgency from highest to lowest 
to be C, D, B, and A for the original speech and c, d, b, and a for the NVS stimuli. In addition, the 
results of ANOVA revealed a significant main effect ( 𝐹 3, 77 34.42, 𝑝 0.01 ) of urgency 
perception of original stimuli. There were significant differences between all pairs except A and B 
(𝑝 0.01). The results of ANOVA revealed a significant main effect (𝐹 3, 77 125.8, 𝑝 0.01) of 
urgency perception of NVS stimuli. There were significant differences between all pairs (𝑝 0.01). 

 
Figure 2 – Urgency perception of original stimuli 

 

Figure 3 – Urgency perception of NVS stimuli 

3.3 Considerations 

In these results, degrees of urgency were ordered from C (c), D (d), B (b), to A (a) so that the order 
of urgency perception of the NVS stimuli is the same as that of the original stimuli. Therefore, 
temporal modulation cues provided by the TAE were found to affect perception of urgency. By 
comparing the results in Figs. 2 and 3, degrees of urgency for both stimuli were found to be different. 
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4. EXPERIMENT II: Effect on urgency perception of NVS stimuli 
 
Psychoacoustical Experiment II was conducted to investigate whether or not urgency perception 

of NVS stimuli is consistent with that of original evacuation announcements. 

4.1 Stimuli, Participants, and Procedure 

Eight stimuli were used: four original evacuation announcements and the four corresponding NVSs. 
Two stimuli were paired randomly to make a paired comparison psychoacoustical experiment. The 
total number of paired stimuli was 56. Silence between the first and second stimuli was 0.5 s. Total 
execution time was about 20 min. 

Ten native Japanese speakers (two females and eight males, aged 22 to 25 years old) participated 
in this experiment. All participants had normal hearing (hearing losses of the participants were below 
the hearing level of 12 dB in the frequency range from 125 to 8000 Hz). 

The experiment was conducted while the participants were in a soundproof room. The presented 
stimuli were the same as in Experiment I. This experiment was carried out using Scheffe’s method of 
paired comparison to evaluate the degree of urgency of stimuli. The procedure was the same as in 
Experiment I. 

4.2 Results 

Figure 4 shows the degrees of urgency for the mixture of original and NVS stimuli derived from 
the results of Experiment II by using Sheffe’s method of paired comparison. The horizontal axis is the 
same as in Figures 2 and 3. These results reveal the order of degrees of urgency from highest to lowest 
to be c, C, d, D, b, B, a, and A. In addition, the results of ANOVA revealed a significant main effect 
of urgency perception of these stimuli ( 𝐹 3, 459 100.8, 𝑝 0.01 ). There were significant 
differences between all pairs except a & B, a & b, D & d, D & C, d & C, d & c, and C & c (p<0.01). 

 

Figure 4 – Urgency perception of all stimuli 

4.3 Considerations 

From the results, degrees of urgency were ordered from c, C, d, D, b, B, a, and A. By comparing 
pairs of the same conditions such as a and A, the degree of urgency of NVS was found to be higher 
than that of original evacuation announcement. The order of urgency perception was also found to be 
consistent with the order of urgency perception derived from the results of Experiment I.  

5. EXPERIMENT III: Effect on restricting modulation frequency 
 
Psychoacoustical Experiment III was conducted to investigate which temporal modulation 

component in the TAE of speech is a cue of urgency perception. We compared NVS in which the TAEs 
were identical to those of the original speech and NVS in which the TAEs had undergone LPF or HPF. 

5.1 Stimuli, Participants, and Procedure 

Stimuli of the four corresponding NVSs were used. Seven conditions of the cut-off frequency (2, 
4, 6, 8, 12, 16, and 32 Hz) were used for the four NVS stimuli in cases of the use of LPF and HPF. 
Two stimuli in each experiment (the use of LPF or HPF) were paired randomly to make a paired 
comparison experiment. The total number of paired stimuli in each experiment was 756. Silence 
between the first and second stimuli was 0.5 s. All paired stimuli of 756 were split into 14 sections in 
which each section has 54 judgements. Rest time between the first and last 7 sections was over 90 min 
to give sufficient rest time to all participants. Thus, total execution time including rest time in each 
experiment was about 180 min. 
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Ten native Japanese speakers (three females and seven males, aged 22 to 25 years old) participated 
in the two experiments. All participants had normal hearing (hearing losses of the participants were 
below the hearing level of 12 dB in the frequency range from 125 to 8000 Hz). 

The experiment was conducted while the participants were in a soundproof room. The presented 
stimuli were the same as in Experiment I. This experiment was carried out using Scheffe’s method of 
paired comparison to evaluate the degree of urgency of stimuli. The procedure was the same as in 
Experiment I. 

5.2 Results 

Figure 5 shows the degree of urgency for NVS stimuli under LPF conditions that are derived from 
the results of Experiment III by using Sheffe’s method of paired comparison. The horizontal axis 
shows the cut-off frequency of the LPF, and the vertical axis shows the urgency scale, in which the 
positive scale indicates a higher degree of urgency. These results reveal that the orders of degree of 
urgency of stimuli c and d decrease as the cut-off frequency decreases. The results of ANOVA revealed  
a significant main effect of urgency perception of these stimuli (𝐹 24, ∞ 200.1, 𝑝 0.01). There 
were significant differences between all stimuli in c and d, in which the cut-off frequencies are from 
4 to 32 Hz. (𝑝 0.01). In the case of the cut-off frequency of 2 Hz, there were significant differences 
among stimulus conditions except b & d and d & c (𝑝 0.01). 

 

 

Figure 5 – Urgency perception of NVS stimuli in which upper modulation frequency of the 
temporal amplitude envelope was restricted by high-pass filtering. 

 
Figure 6 shows the degree of urgency for NVS stimuli under LPF conditions derived from the 

results of Experiment III by using Sheffe’s method of paired comparison. The horizontal and vertical 
axes are the same as in Figure 5. These results reveal that the orders of degree of urgency of stimuli c 
and d decrease as the cut-off frequency increases. The results of ANOVA revealed a significant main 
effect of urgency perception of these stimuli (𝐹 24, ∞ 1.517, 𝑝 0.01). There were no significant 
differences between all stimuli in c and d with regard to the cut-off frequency, although there were 
significant differences between all stimuli in b, in which the cut-off frequencies are from 2 to 8 Hz. 
(𝑝 0.01). In the case of the cut-off frequencies of 8 and 12 Hz, there were significant differences 
among stimulus conditions c & d (𝑝 0.01). 

5.3 Considerations 

The order of urgency perception among the four stimuli with regard to the cut-off frequency of the 
LPF in Fig. 5 is consistent with that of HPF in Fig. 6. Fig. 5 shows a significant difference between 
the cut-off frequencies of 4 and 6 Hz. Thus, the temporal modulation components of NVS upwards of 
6 Hz were significant cues for urgency perception from the results of Experiment III under LPF 
conditions. Fig. 6 shows a significant difference between the cut-off frequencies of 8 and 12 Hz. Thus, 
the temporal modulation components of NVS downwards of 8 Hz were significant cues for urgency 
perception. In summary, these results suggest that that temporal modulation cues in the TAE from 6 
to 8 Hz play an important role in urgency perception. 
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Figure 6 – Urgency perception of NVS stimuli in which lower modulation frequency of the temporal 
amplitude envelope was restricted by high-pass filtering. 

6. CONCLUSIONS 
In this paper, we experimentally investigated whether the temporal amplitude envelope (TAE) of 

speech affects the perception of urgency. We compared noise vocoded-speech (NVS) in which the 
TAEs were identical to those of the original speech and NVS in which the TAEs had undergone low-
pass or high-pass filtering. Urgency scales were derived from a paired comparison of the results and 
used to investigate the relationship between the temporal modulation components and urgency 
perception. Urgency scales were derived from a paired comparison of the results and used to 
investigate the relationship between the temporal modulation components and urgency perception. 
Our findings were (1) the degree of urgency of the NVS stimuli was perceived as being similar to that 
of the original; (2) temporal modulation components of NVS upwards of 6 Hz were significant cues 
for urgency perception; and (3) temporal modulation components of NVS downwards of 8 Hz were 
significant cues for urgency perception. The results suggest that temporal modulation cues in the TAE 
play an important role in urgency perception. 

ACKNOWLEDGEMENTS 
This work was supported by a Grant in Aid for Innovative Areas (No. 16H01669, No. 18H05004) 

from MEXT, Japan. This work was also supported by SECOM Science and Technology foundation 
and JST-Mirai Program (Grant Number: JPMJMI18D1). 

REFERENCES 
1. R. V. Shannon, F. G. Zeng, V. Kamath, J. Wygonski and M. Ekelid, Speech recognition with primarily 

temporal cues, Science, vol. 270, pp. 303-304, 1995. 
2. R. O. Tachibana, Y. Sasaki and H. Riquimaroux, Relative contributions of spectral and temporal 

resolutions to the perception of syllables, words, and sentences in noise-vocoded speech, Acoust. Sci. & 
Tech., vol. 34, pp. 263-270, 2013. 

3. P. C. Loizou, M. Dorman, and Z. Tu, On the number of channels needed to understand speech, J. Acoust. 
Soc. Am., vol. 106, pp. 2097-2103, 1999. 

4. L. Xu, and B. E. Pfingst, Spectral and temporal cues for speech recognition: Implications for auditory 
prostheses, Hear. Res., vol. 242, pp. 132-140, 2008. 

5. R. Drullman, J. Festen and R. Plomp, Effect of reducing slow temporal modulations on speech reception, 
J. Acoust. Soc. Am., vol. 95, no. 5, pp. 2670–2680, 1994. 

6. Z. Zhu, Y. Nishino, R. Miyauchi, and M. Unoki, Study on linguistic information and speaker individuality 
contained in temporal envelope of speech, Acoustical Science and Technology, vol. 37, no. 5, pp. 258–
261, 2016. 

7. Z. Zhu, R. Miyauchi, Y. Araki, and M. Unoki, Contributions of temporal cue on the perception of speaker 
individuality and vocal emotion for noise-vocoded speech, Acoustical Science and Technology, vol. 39, 
no. 3, pp. 234–242, 2018. 

8. M. Kobayashi and M. Akagi, Psychological evaluation of evacuation announcements, J. Acoust. Soc. Jpn. 
vol. 74, no. 12, pp. 633-640, 2018 (in Japanese). 

9. B. C. J. Moore, An Introduction to the Psychology of Hearing, sixth edition, Brill Academic Pub., 2013. 

1744



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Restoring Lost Speech Components with Generative Adversarial 
Networks for Speech Communications in Adverse Conditions 

Nengheng ZHENG1; Yupeng SHI2; Yuyong KANG3; Qinglin MENG4;  
1 2 3Shenzhen University, China 

2 South China University of Technology, China 

ABSTRACT 
Speech enhancement has been widely implemented to restore quality of speech in communications between 
humans or between human and machine. For different speech communication scenarios with specific channel 
and environmental conditions, the types and degrees of speech distortion could vary significantly and many 
speech enhancement strategies have been developed accordingly. This study deal with a severe distortion 
problem, i.e., part of the spectral and/or temporal components of the speech are lost completely. The spectral 
loss is simulated by a transmission channel with very narrow passing bandwidth (lower than 2 kHz) which 
results in severely degraded speech quality; the temporal loss is simulated by packet loss up to 50% percent 
in massive communication which results in poor speech intelligibility. A generative adversarial networks 
(GAN) based speech enhancement scheme is proposed for restoring the missing spectral and temporal 
components with different network structure and parameters. A set of experiments have been conducted to 
evaluate the effectiveness of proposed enhancement scheme and promising results have achieved. 
 
Keywords: speech lost compensation; bandwidth extension; packet loss concealment; generative adversarial 
networks 

1. INTRODUCTION 
In speech communication, speech loss could happen in time and/or frequency domains due to the 

varying characteristics of the recording devices and the transmission channels. For example, changing 
the sampling frequency from 16 kHz to 8 kHz will erase the higher band frequency components, band-
pass filtering will kill the components outside the passband, etc. [1]. The delay and jitter during speech 
packet transmission in a “best effort” packet-switched network can result in the packet loss problem 
when network congestion happens [1]. In the coming 5G mobile networks, the massive devices 
connected to the network and different speech communication channel (e.g., VoIP, VoLTE, WiFi, 
Bluetooth, etc.) involved will exaggerate the speech loss problems [3][4][5][6]. The effective 
bandwidth of speech will vary significantly across devices and channels. At the same time, network 
congestion might be more possible due to the demand of communication between huge number of 
devices.  

Techniques for speech loss compensation in both time and frequency domains have been developed 
in the past decades. Speech bandwidth extension (BWE) based on Gaussian mixture models (GMM), 
hidden Markov model (HMM), linear prediction analysis, etc. have been implemented to restore the 
spectral components[7][8][9][10] . Packet loss concealment (PLC) algorithms are widely implemented 
in standard codecs such as AMR-WB and Opus [11][12]. Recently, deep neural networks (DNN) based 
approaches were developed to deal with the frequency and/or packet loss problems with promising 
results [13][14][15]. 

More recently, generative adversarial networks (GANs) have demonstrated significant 
                                                        
1 nhzheng@szu.edu.cn 
2 2172262986@email.szu.edu.cn 
3 1810262077@email.szu.edu.cn 
4 mengqinglin@scut.edu.cn 
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performance improvement in many signal processing tasks including image and speech synthesis, 
speech enhancement [16][17][18][19]. GANs-based system, in which both G and D comprised of 
DNNs, have also been proposed for BWE [20]. 

Even though favorable performances on BWE and/or PLC have been achieved by different neural 
networks-based systems as abovementioned, there still lacks of a systemic investigation on the 
effectiveness of a general framework to tackle both BWE and PLC, which could happen 
simultaneously in speech communication. This paper presents a study of such a general framework. 
The system takes the same GANs architecture proposed in [18]. Nevertheless, in consideration of real-
time speech compensation, the GANs structure was modified to accept shorter waveform chunks 
(200ms) as network input. A set of experiments were conducted to evaluate the system performance. 
Results show that the GANs-based framework can obtain comparable or better perceptual quality and 
intelligibility for both BWE and PLC than DNN-based baselines. 

2. SPEECH LOSS COMPENSATION WITH GENERATIVE ADVERSARIAL 
NETWORKS 

2.1 Generative Adversarial Networks 
Generative adversarial networks (GANs) were proposed by Goodfellow et al. in 2014 [21]. 

Generally, the networks consist of two sub-networks, each essentially a deep neural network. As the 
name implies, GANs are trained in an adversarial way between the two DNNs, the generator G and 
the discriminator D.  

Given  (i.e., y follows probability distribution function ) the target data to be generated 
from the networks and  the noise data with known distribution  to be input to the networks, 
the objective of GANs is to generate a new data  from z such that . To do so, a generator 
network G and a discriminator network D are constructed and the networks optimization is done 
through a minimax two-player game played between G and D. The generator is trained to learn a 
mapping function   such to fool the discriminator that   is  . On the other hand, the 
discriminator is trained to classify the target  as real and  as fake. Because of the weak guidance 
in the vanilla generative model, extra conditional information  (e.g., the observed data) can be 
adopted to help training the GANs, as described in [18][22]. Thus, the adversarial training of the 
whole network can be formulated as 

    (1) 
GANs have achieved significant success in speech and image processing. Recently, Pascual et al. 

proposed a GANs-based speech enhancement system, i.e., the least square GAN (LSGAN) [23] with 
 loss [18]. Instead of using Jensen-Shannon divergence as in (1), least square error was adopted for 

the optimization. And the prior knowledge of  in  loss was adopted to better guide the training of 
G, i.e.,  

                  (2) 
where  is set to be 100 as in [27]. And the training of D is given by 

             (3) 

2.2 GAN-based Framework for Speech Loss Compensation 
The framework in this study follows the GANs structure proposed in [18]. The GANs contains a 

G and a D network and the adversarial training procedure of the networks for speech loss 
compensation is given in Fig. 1. As shown, the G network takes it structure similar to an auto-encoder, 
which consists of an encoder and a decoder. The encoder contains 11 convolutional layers with 
variable depths (16-32-32-64-64-128-128-256-256-512-1024). To simulate the shorter network input 
(200ms) in speech communication, the fixed strides of 2 as proposed in [18] are modified to variable 
ones (2-2-1-2-1-2-1-2-1-2-2). The decoder contains 11 deconvolutional layers almost symmetric to 
the encoder except for the output layer.  The D network consists of an encoder which is the same as 
the one in G and an activation layer as well. 

To train the networks, the degraded speech  is first segmented into chunks with 3200ms in length 
and 1600ms overlap between adjacent chunks and then fed into the encoder of the G network. Within 
the G, the output from the encoder is concatenated with the noise vector  and serves as the input to 
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the decoder. Skip connections scheme as in [24] is also adopted in G to improve its performance by 
pass more useful details from the convolutional layers to the corresponding deconvolutional layers.  
The output of G, i.e., , is concatenated with the clean speech , i.e., speech without any loss, and 
the corresponding impaired speech , and fed into the network D for computing the probabilities 

 and as in (3), the former is transmitted in turn to G to guide the training of G. 

3. EXPERIMENTS 

3.1 Dataset and Preprocessing 
An open access English speech database for speech enhancement evaluation as adopted in [25] was 

also adopted in this study to evaluate the effectiveness of the proposed GANs-based speech restoration 
system. The database contains parallel clean and noisy speech dataset, in which the clean speeches 
were recorded from native English speakers and the noisy ones were generated from the clean 
speeches by adding different noises. Each dataset contains a training set (23075 utterances recorded 
from 56 speakers) and a test set (824 utterances recorded from 2 speakers). In this study, only the 
clean data were used to generate the training and test data for the experiments. The original data are 
with 48 kHz sampling rate and were down-sampled to 16 kHz in the experiments. 

For BWE, the training data were randomly divided into four subsets, each for a simulation of a 
specific spectral loss. Three of the subsets were low-pass filtered with cut-off frequencies at 1.5 kHz, 
2.5 kHz and 3.5 kHz, respectively, to generate the high frequency loss data.  The remaining one kept 
unchanged to represent the no loss data. Similarly, the test data were randomly divided into five 
subsets. One kept unchanged and the other four were low-pass filtered with cut-off frequencies at 
1kHz, 1.5 kHz, 2.5 kHz and 3.5 kHz, respectively.  

For PLC, the training data were randomly divided into five subsets and packet loss rates of 0 (i.e., 
no loss), 10, 20, 30 and 40 percent were simulated to generate packet loss speech with the 5 subsets, 
respectively. Similarly, the packet loss speech data for test were generated from the test data with 6 
different packet loss rates of 0, 10, 20, 30, 40 and 50 percent, respectively.  

In addition, a packet in the experiments contained a 20ms speech frame and the lost packets were 
filled with -80dB white Gaussian noise. 

3.2 Network Settings 
As mentioned in Section 2.2, for training, all signals were segmented  into a sequence of 3200ms 

chunks with 50% overlap. As for test, the utterances were also segmented into chunks of 3200ms but 
without overlap. For real-time consideration, the 3200ms chunks can be constructed by concatenating 
the current frame (20ms) with the previous 9 frames in the buffer. 

The network G is an encoder-decoder convolutional topology containing 22 layers, each with a 
fixed filter size of 31 and a variable stride. Layer weights and bias for the GANs were initialized as 
in [18]. Activation functions used in G were Parametric ReLUs in convolutional layers and the 

 
Figure 1: Diagram of the adversarial training in GANs-based enhancement framework 
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hyperbolic tangent (tanh) for the output layer. Activation functions for D were Leaky ReLU 
nonlinearities with α=0.3. Besides, in order to accelerate the training and avoid overfitting, virtual 
batch normalization [26] was adopted in the GANs. The GANs-based compensation framework was 
trained for 50 epochs with a learning rate of 0.0002 and the gradient descent optimizer was the Adam 
[27]. The settings are the same for both BWE and PLC cases. 
 

For comparison, DNN-based systems were adopted as baselines. The DNN has 3 hidden layers 
with 2048 nodes in each layer. Layer weights and bias were initialized as in [13]. Activation functions 
used in each layer were all “ReLu”. For both BWE and PLC, DNN was trained for 100 epochs with a 
learning rate of 0.001 and an Adm optimizer. Learning rate decreased in exponential decay rate 
(initialized to 0.9) per epoch. Batch normalization was applied to stabilize the network training.  

The features to the DNN were the same as in [13], each signal was segmented into a sequence of 
frames (20ms per frame and 10ms overlap). To each frame, 512-point short-time Fourier transform 
was implemented and the log-magnitude of the first 257 frequency components was calculated to 
compose a 257-dimensional vector. To the   frame, the input to the network was a 9*257-
dimensional feature vector consisting of 9 such 257-dimentional vectors computed from frames t-4 ~ 
t+4. 

In test, the output from the DNN, i.e., the compensated log-magnitude spectra, were used to 
reconstruct the enhanced speech with the corresponding phase information extracted from the 
impaired speech.     

Figure 2: Spectrograms for high frequency lost and compensated utterances. (a) original, (b) high 
frequency loss with cut-off frequency at 2.5kHz, (c-d) compensated by DNN and GANs. 

Figure 3: Waveforms for packet lost and compensated utterances. (a) original, (b) speech with packet 
loss rate of 30%, (c-d) compensated by DNN and GANs 

(a) 

(b) 

(c) 

(d) 

(a) 

(b) 

(c) 

(d) 
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4. RESULTS AND DISCUSSIONS 
Figure 2 gives an example of BWE results. It seems that the DNN based systems recover more 

high frequency components, especially for those of unvoiced speech, than the GANs. However, the 
spectrogram reconstructed by GANs is more closed to the original one than those by DNNs, especially 
at frequency lower than about 4 kHz where the majority of speech power resides. Figure 3 gives an 
example of PLC results. It is clear that the waveform reconstructed by the GANs is more closed to  the 
original one than those by DNN. 

Table 1 gives the BWE results obtained from three systems, i.e., no processing (UP), DNN baseline 
(DNN) and the proposed GANs system (GAN). The results are measured in four evaluation metrics, 
i.e., PESQ, LSD, STOI and SNR [28][29][30][31]. In the table, SEEN means that the cut-off 
frequencies of the test data are the included in the training data while UNSEEN means that the loss 
conditions of the test data are not included in training. As shown, the speech quality degrades more 
significantly as the cut-off frequency decreases, i.e., more high frequency component loss. GANs 
outperform DNN for all metrics except LSD. This is because that the DNN baseline was trained to 
minimize the Euclidean distance between the compensated log-magnitude spectra and the target ones, 
on the other hand, the GANs-based system was an end-to-end framework with waveform input.   

The PLC results are given in Table 2. As shown, the more packets lost, the worse the speech quality 
with respect to all metrics. The superiority of GANs over DNN in PLC is more significant than in 
BWE. Even for LSD, GANs lost to DNN1 only at 40% and 50% packet loss cases. 

 

 

5. CONCLUSIONS 
This study investigated the effectiveness of a GANs as a general framework for restoring lost 

speech lost compensation. A set of experiments were carried out to evaluate the performance of the 
GANs-based system in comparison with a DNN baseline. Different frequency and packet loss 
conditions were simulated for evaluation.  Results show that GANs obtained better speech quality 
and intelligibility than DNN for both seen and unseen loss conditions.  
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Abstract  

Previous studies have shown that cochlear-implanted (CI) children have big difficulty in vocal 

emotion recognition in comparison to the normal-hearing peers, mainly due to the lack of efficient 

coding of fundamental frequency (F0) in the CI devices, but few research has been conducted on 

preschool CI children, and even fewer on CI children speaking Mandarin, a tone language in which 

F0 conveys both lexical tone and emotion related intonation. The present study compared vocal 

emotion recognition between two groups of 4-to-5-year-old Mandarin-speaking children, i.e., CI 

and normal-hearing (NH) groups. Six semantically neutral sentences were recorded by a female 

speaker in three basic emotions, i.e., anger, joy, and sadness, among which anger and joy showed 

greater mean F0, F0 variability and F0 range than sadness. The children were asked to judge the 

type of emotion from the recorded utterances. For all three emotions, the CI group showed 

significantly lower recognition accuracy and longer reaction time than the NH group. The confusion 

mainly occurred between anger and joy in the NH group, while all three emotions were mutually 

confused in the CI group, confirming that Mandarin-speaking CI children were impaired in 

perceiving vocal emotions due to the lack of F0 processing ability. 

 

Keywords: vocal emotion perception, cochlear implanted children, Mandarin 

 

1. INTRODUCTION 
According to the national survey from the Ministry of Health of China in 2013, there were 27.8 

million people suffering hearing loss (HL), 115,000 children under the age of 7 had severe to 

profound hearing loss, and 30,000 babies were born with HL each year in China (1). In recent years, 

we can use hearing aid (HI) or cochlear implant (CI) to help hearing loss people improve their 

hearing ability. CI is a surgically implanted electrical devices into cochlear that help people with 

severe to profound hearing loss hear and process auditory information. Many studies have 

documented that CI device can facilitate user’s perception and production of consonants and vowels 

(2), production and perception of tone (3), speech intelligibility (4) and so on. With the help of CI 

devices, many implanted children can acquire speech and language, and even able to attend 

mainstream schools (5). 

  However, CI device only could provide limited information about the temporal fine structure of 

                                                   
1
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speech, such as pitch and harmonics (6,7), thus CI users may have difficulty to perceive and produce 

important prosodic forms of speech communication such as question-statement contrasts, voice 

emotion (8,9).  

  In our daily life, emotion have an important role. The ability of expressing and understanding 

emotions influences social relationships. For both children and adults, problems in emotion 

understanding have been shown to relate with developing symptoms of psychopathology or poor 

social functioning (5). Due to the device limitation, CI users may have deficits on emotion 

perception and production and this may lead to complications in social interactions and 

communication, which can result in withdrawal and exclusion from social situations (10). Therefore, 

it is worthwhile to examine how well the CI children identify vocal emotions.  

Many studies have investigated the vocal emotion recognition ability of hearing loss people who 

wearing hearing aid (HA) or CI. Pereira’s (11) research investigated 4 emotions (angry, happy, sad, 

and neutral) recognition performance in CI people. The result showed mean CI accuracy was 51%, 

whereas mean NH accuracy was 84%. When all the sentences were amplitude normalized, NH 

accuracy was not affected, whereas CI accuracy was reduced to 38%, indicating that CI listeners 

depended strongly on intensity cues for vocal emotion recognition. Hopyan-Misakyan et al. (12) 

found children between 7-13 years old performed worse than NH group when identify the emotion 

(happy, angry, sad, fearful). Nakata et al. (13) investigated the perception and production emotion 

ability of Japanese CI children whose age is between 5 to 13 years old. In the perception task, the 

children were required to judge the sentence was spoken in a happy, sad, or angry emotion. The NH 

children performed better than CI children. For the CI children, happy and sad were easier to identify 

than angry emotion. Luo et al. (9) found CI adults performed worse than NH control group when 

identifying the emotion (happy, angry, sad, fearful, or neutral) of sentences. Volkova et al. (14) found 

that 5 to 7 years old CI children discriminated happy and sad utterances with a score above chance 

but less accurate than NH group. Chatterjee et al. (15) reported an experiment of vocal emotion 

recognition (included 5 emotions: angry, happy, neutral, sad, and scared) in NH and CI listeners, 

including both adult and child subjects. They found that although CI adults and CI children have 

similar performance, they both showed significantly poor performance than NH groups. 

In short, studies based on English-speaking individuals agree that CI have deficits in vocal 

emotional recognition, for both child and adult CI users. But little is known about the case for CI 

users speaking tonal languages such as Mandarin. Mandarin is a tonal language in which F0 conveys 

both lexical tone and emotion related intonation. The goal of the research is to examine vocal 

emotion perception in child CI users and compare their performance with NH children from China. 

The present study was restricted to happy, sad, and angry emotions. These emotions were chosen 

because they meet the three emotions frequently in daily life, and it would be easy for them to 

understand those emotion and finish the task. We hypothesized that NH children would succeed in 

the task through all emotions better than CI children.  

2. Methods  

2.1 Participants 

Children participants included 14 NH (8 boys, 6 girls), whose age varied from 4.2 to 5.11 years 

(mean age 5.16 years, SD = 0.55), and 14 CI (6 boys, 8girls), whose age varied from 4.2 to 5.9 years 

(mean age 5.05 years, SD = 0.56, mean duration of device use 2.53 years). Details of the CI 

participants’ information are provided in Table 1. 
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Table 1. Background information of CI participants

2.2 Stimulus 

For the emotion perception task, six semantically neutral sentences (see Table 2) were produced 

by the same female speaker with happy, sad, and angry in an adult-directed manner, for a total of 18 

target utterances. For the selection of high quality recording material, each target sentences were 

produced 3 times. The speaker produced in a soundproof room and the sounds were recorded by a 

microphone in front of the speaker. The original audio files (44.1 kHz sampling rate, 16 bit) were 

edited using Adobe Audition version 1.6 software. Editing involved selecting the best of the three 

productions for each sentence and saving each as an individual audio file.  

Table 2. Sentences for emotion perception task. 

1. 今天下这么大的雪 (It’s snowing heavily today). 

2. 小明把饼干吃完了 (Xiao Ming ate up all cookies). 

3. 过几天就要开学了 (New term will start in a few days). 

4. 明天是儿子的生日 (Tomorrow is my son’s birthday). 

5. 爸爸要去北京出差 (Dad is going to Beijing on business). 

6. 我们马上回家吧 (Let’s go back home right now). 

2.3 Procedure 

All the children were tested individually. For the CI participants, they were tested in a quiet room 

at the Rehabilitation Center in Nanjing. For the NH participants, they were tested in their primary 

school in a quiet room. We used EPRIME software on a touchscreen computer to present the audio 

stimuli for the task. After hearing one audio file, children would make an emotion choice for it by 

touching the associated picture on the touchscreen computer. Sentences and emotions were fully 

randomized. Prior to the formal experiment, the participants were given passive training with two 

sentences each for the three emotions (these sentences were not included in formal experiment) to 

familiarize the participants with the experiment procedure.   

Child Age at implant (yr) Age at test (yr) Implant use (yr) Hearing aid 

CI-1 2.8 5.9 3.1 Y 

CI-2 3 5.9 2.9 Y 

CI-3 3.49 5.6 2.11 Y 

CI-4 3 5.5 2.5 Y 

CI-5 3 5.4 2.4 Y 

CI-6 2.3 5 2.7 Y 

CI-7 2.2 4.9 2.7 Y 

CI-8 2.6 4.9 2.3 Y 

CI-9 2.3 4.6 2.3 Y 

CI-10 2.3 4.6 2.3 N 

CI-11 1.6 4.5 2.9 Y 

CI-12 2.1 4.4 2.3 Y 

CI-13 2.09 4.2 2.11 Y 

CI-14 2.5 5.3 2.8 N 
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3. Results 

3.1 Acoustic features in emotion perception task  

We analyzed the mean pitch, pitch range, and pitch variability of each vocal emotion, as shown 

in Table 3. The mean F0, F0 range, and F0 variability were higher in anger and happy emotions 

comparing with sad emotion. Statistical analysis showed this is no difference(p>0.05) between 

anger and happy in all parameters, while sad have significant differences (p<0.001) when comparing 

with anger or happy. Those differences in acoustic features may affect the children’s performance.  

Table 3. Average values of acoustic parameters of the sentence 

 

 

 

 

 

 

3.2  Emotion perception experiment 

Figure 1 showed the mean emotion perception accuracy for NH children, as well as the CI 

children in three emotions. NH children significantly outperformed CI users in the perception of 

each motion type: happy (p<0.044), sad (p<0.001) and anger (p<0.001). Sad (89%) have highest 

accuracy in NH, followed by anger (74%) and happy (61%). The CI’s accuracy only above chance 

level (33%), and happy have the highest accuracy (43%), followed by anger (40%) and sad (39%). 

In the three emotion types, sad was the easiest to identify for NH, while all emotions are hard for 

CI. Within group, there is no difference between the three emotion types in CI (p>1), while NH 

show significant difference between happy and sad (p<0.001), as well as sad and anger 

(p=0.023<0.05). We also found the CI group need more time to finish the task. The mean reaction 

time for CI is 3616s, and 2051s for NH group. 

 

 

Figure 1. Accuracy of CI and NH children on emotion types. Error bars indicate standard errors. 

 

Table 4 showed the confusion matrix of the two groups. The NH group usually confused anger 

with happy, while CI group confused all the three emotions mutually, among whitch they confused 

happy with sad most frequently. 
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Emotion Mean pitch (Hz) F0 range (Hz) SD of F0 

Anger 380 287 77 

Happy 349 288 72 

Sad 210 189 39 
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Table 4. Confusion Matrix of the Emotion Types 

 

 

 

 

 

 

 

 

 

 

4. DISCUSSION 

The goal of the present study is to examine vocal emotion perception in Mandarin-speaking CI 

children and compare their performance with NH children. Result showed that CI children performed 

significantly worse than NH children in all emotion types, which accords with our hypothesis. The 

result is in accordance with previous studies for CI children speaking other languages (5,15,16). 

There are some possible reasons for the differences between CI and HL children. Hearing loss have a 

negative impact on children language development, therefore language delay is a likely factor. Another 

possible reason is the duration of CI use. Children who had a longer duration of hearing deprivation or 

who had been using CI device for a shorter time could have lower experience and attention on emotion 

perception, comparing with HL children. In present research, the mean hearing age for NH is 5 years, 

while only 2.53 years for CI. If we control the two group’s hearing age and chronological age, there 

could be a different result. Gray et al. (17) reported the emotions developed among deaf children: those 

aged 9:5–13:2 years were better at assigning emotions to story characters than younger deaf children 

aged 5:5–8:7 years. Future research will continue to examine how the duration of CI use affects the 

emotion perception performance.  

In present study, NH group performed best on sad emotion perception, while CI group performed 

best on happy emotion perception. From acoustics analysis, we found sad emotion significantly 

different from happy and anger emotions on the three parameters, which may cause its highest 

accuracy in NH group. Most and Michaelis (16) found sadness to be the easiest to recognize by 

hearing impaired and normally hearing individuals in the audio-only mode. Nakata et al. (13) found 

Japanese children with cochlear implants succeeded in identifying happy and sad utterances which were 

amplitude normalized, but they failed to identify angry utterances. The different results between present 

study and previous ones may due to the following reason. Firstly, language effect. The tone language 

nature of Mandarin might be responsible for the degraded performance of the CI devices in Mandarin-

speaking children than in the children speaking other languages such as English and Japanese. Secondly, 

participants effect. In our research the age of participants is between 4-5 years old, while in Nakata et 

al. (13) is 5-13 years old. In our research, all the hearing loss children are CI users, whereas the 

results in Most and Michaelis (16) were derived from the data of a mixture of 9 CI children and 17 

children wearing HAs. 

According to the confusion matrix, the NH group typically confused anger with happiness. This is 

probably the result of the fact that the mean pitch and pitch variability has no significant difference 

among those emotions. The CI group confused the three emotions mutually, though one emotion (sad) 

significantly differed from the other two acoustically. 

Group Emotion Intended Emotion 

CI 

 Happy Sad Anger No choice 

Happy 43% 30% 23% 4% 

Sad 27% 39% 29% 5% 

Anger 26% 31% 40% 3% 

NH 

Happy 61% 16% 22% 1% 

Sad 9% 89% 2% 0% 

Anger 17% 9% 74% 0% 
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CONCLUSIONS 

In summary, the present study explored the emotion recognition ability of preschool Mandarin-

speaking CI children. Comparing with NH children, CI children performed poorly in the task of 

recognizing of sad, anger and happy emotion types. It confirms that Mandarin-speaking preschool CI 

children were impaired in perceiving vocal emotions, which reveals their lack of ability to process 

complex F0 variations. 

For future research, we will increase the number of participants to explore how the CI use duration 

affects their emotion recognition ability. Besides, the audio material will come from more speakers to 

test whether speaker variation affects CI children’s emotion recognition.  
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ABSTRACT 
The purpose of this paper is to build a system model which can automatically separate background sound 
from noisy speech signal, and then classify the background into predefined event categories. This paper 
proposed to use weighted overlap-add algorithm (WOLA) for feature extraction and neural network (NN) 
for sound event detection, with recordings of 11 realistic background noise scenes (cafe, station, hallway …), 
mixed with human speech at SNR of 5 dB. In our approach, an energy waveform trough detection algorithm 
is used to retrieve important background sound information. Then the WOLA algorithm is used to extract 
spectral features by transforming each fraction of time domain signal into frequency domain data represented 
in 22 channels. Moreover, a feed-forward neural network with one hidden layer is used to effectively 
recognize each event’s diverse spectral feature pattern, and then produces classification decisions in the form 
of confidence values. The overall detection accuracy has achieved 96%, while the event ‘hallway’ has the 
lowest detection rate at 85%. Moreover, this detection algorithm could improve noise reduction in hearing 
devices by applying distinct compensation gains, which will attenuate the noise dominated frequency bands 
for each particular predefined event. 
 
Keywords: WOLA, hearing devices, sound event detection 

1. INTRODUCTION 
Hearing aid and cochlear implant are two main types of hearing devices that can help people with 

hearing loss regain partial hearing ability. People with a hearing aid or cochlear implant generally still 
have difficulty in understanding speech in background noise. Smart sound processing in detecting and 
classifying background events can potentially improve their speech understanding in adverse listening 
environments.  

Efficient ways of separating background noise from complex sounds is a crucial component for 
smart sound processing. Speech pause detection is one useful method for noise background separation. 
The pause detection algorithm tracks the power envelops of the speech + noise signals and marks the 
minima points as ‘pauses’ [15]. In this study, a simplified ‘trough detection’ algorithm is developed 
on the basis of the speech pause detection algorithm.  

The weighted-overlap add (WOLA) analysis is an efficient and robust tool for processing audio 
signals and it is widely available on hearing device DSP (digital signal processing ) platforms. WOLA 
is an analysis and synthesis technique which breaks down a piece of continuous audio signal into 
separated small segments for feature extraction process. Brennan et al. [12] have built an adaptive 
filtering system using WOLA in an ultra-low-power DSP. Moreover, Sheikhzadeh et al. [10] proposed 
a delayless method for adaptive filtering through subband adaptive filters (SAF) systems based on 
WOLA, taking advantage of WOLA’s block processing feature which doesn’t involve long FFT or 
IFFT operations. In another study by Vicen-Bueno et al. [11], the WOLA filterbank was used in a 
modified LMS-based (Least Minimum Square) feedback-reduction subsystems in digital hearing aids.                

Spectral subtraction techniques involve the use of FFT (Fast Fourier Transform) or filter banks. It 
estimates the power spectrum of noise-free signal by subtracting the overall signal power spectrum 
with the noise-only power spectrum. Mwema and Mwangi [2] proposed an algorithm based on the 
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spectral subtraction method to eliminate the Gaussian white noise.  In this paper, the spectral 
subtraction technique is used and the event feature gain pattern is applied to attenuate the noise 
frequency channels. 

Neural network applications in DSP has been gaining attention in recent years, due to the increased 
processing power in low-cost/low-power DSPs. The neural network running efficiency is exploited 
by Behan et al. [3]. They have performed ways to accelerate Integer Neural Networks (INN) on low 
cost DSPs by using DSP instructions. In another study by Namjin et al. [9], a DSP-Based Hierarchical 
Neural Network is used for classification of 11 modulation signals by analyzing on 31 statistical signal 
features. With similar idea, in this study, neural network is used to classify 11 sound events based on 
22-channel spectrum features.  

The proposed intelligent background sound event detection system aims to classify a given sound 
signal into one of the preset scenes. The structure of this paper is as follows. The trough detection 
algorithm used for separating background noise from speech audio signals is presented in Section 2. 
The feature extraction procedure, including the use of WOLA for sound analysis and synthesis, as 
well as the smoothing of estimated noise templates, are described in Section 3. In Section 4, the 
application of neural networks in sound event classification and its detailed structure design are 
discussed, as well as the evaluation of the detection accuracy derived from the testing dataset. The 
application of noise reduction gain patterns and results are discussed in Section 5. And lastly, the 
conclusions and future work are discussed in Section 6. 

 

 
Figure 1. Framework of the main signal processing procedures. 

2. TROUGH DETECTION ALGORITHM 
In this study, sound event refers to a set of environmental noises in 11 different scenes. The 

background noise audio files are downloaded from the Creative Commons website. They include 'cafe', 
'cafeteria', 'hallway', 'kitchen', 'living', 'meeting', 'office', 'resto', 'square', 'station', and 'washing'. Each 
event contains 16 files, and each file lasts 5 minutes long. The ideal type of background noise signals 
for detection should be stationary with a constant volume. Events of ‘cafe’, ‘cafeteria’, ‘living’, 
‘meeting’, and ‘resto’ are presumed to be relatively more difficult for detection, since they contain 
varying sound elements. In this study, the first 4 minutes of each file is used for training, while the 
last 1 minute of each file is reserved for detection testing.  

 

 
Table 1: Sound file list. 

 
The speech file contains a piece of human speech consisting of 3 sentences and lasting about 6 

seconds. The audio signals used in this study are mixed audios generated by adding event noise signals 
to human speech signals with SNR at +5 dB and a sampling rate of 24 kHz. To generate a mixed audio 
at desired SNRs, the formula below is used: 

                                                            (1) 
  
Background extraction is the crucial part and also the first stage for this system. The objective of 

the proposed ‘trough detection’ method is to temporally locate the background noise data from the 
mixed signal. To achieve that, the mixed audio signal is first converted to a sound energy waveform, 
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by applying a high pass filter (preemphasis) and half-wave rectifier to the audio signal, and 
transforming every 256 original audio data samples (equivalent to roughly 21.5 ms  of signal) to one 
RMS (Root Mean Square) sample.  

Then the ‘trough detection’ algorithm could be applied to energy waveforms with the following 
procedure steps:  

1. From the starting point, follow the curve of energy waveform.  
2. When an energy trough is found, mark it as ‘energy trough’. 
3. Force the trough tracking curve to increase linearly at a preset time constant starting from 

this ‘energy trough’. 
4. Stop the increase where it meets the audio energy waveform, then follow the curve of energy 

waveform again.  
5. Again, when an energy trough is found, mark it as ‘energy trough’. 
6. The same process repeats itself by looping step 3 to step 5, until the end of energy waveform 

is met. 
 

   The gradually ascending line represents the RC (Resistor Capacitor) response time. In a Resistor 
Capacitor circuit, the RC response time is the time it takes to charge the capacitor from 0 to 63% of 
its max value. And the RC response time determines the time constant (tau-τ), defined by resistance 
R multiplies capacitance C. A similar idea is used in this trough detection algorithm. The slope angle 
of the line is determined by the tau value. The time constant was set based on the speech syllabic 
rate to force the trough tracking curve staying on the noise floor.  

A reliable trough is a ‘global’ trough which is considered a low energy spot through the entire 
timeline of energy waveform. The use of RC response line prevents extracting an unreliable ‘local’ 
trough. ‘Local’ troughs are low energy spots in small local segments on energy waveform. They 
generally have lower energy than adjacent troughs but still have higher energy than ‘global’ troughs. 
In Figure 2, a ‘local’ trough is marked by the red cross. A higher energy trough indicates that it 
probably contains speech data samples. So ‘local’ troughs are not wanted, as they don’t represent 
noise-only samples.  

The last step is to extract these energy troughs. Energy troughs contain background noise -only 
data. Because human speech usually has periodic higher energy, while the background has relatively 
constant and lower energy. 

 

 
Figure 2. Demonstration of the application of the trough detection algorithm. The energy 

waveform is derived from a mixed audio signal of event ‘station’ at SNR = +5 dB. The x axis is the 
number of energy waveform samples. The green line is the trace of RC response line. The red dots 

are troughs detected, and they represent the background noise-only samples to be extracted. 

3. FEATURE EXTRACTION 
   The weighted overlap-add algorithm is widely useful in analyzing audio signal. WOLA analyses the 
time domain signal block by block, making it an ideal method for real time processing devices. 
Schuster and Ansorge [8] have experimented on WOLA’s ability to filter out background noise in a 
noise canceling system and achieved de-noised speech. 

The WOLA filterbank is a low-delay, highly efficient implementation of over-sampled generalized 
DFT (Discrete Fourier Transform) system [13, 14]. For WOLA analysis, the first step is to shift R 
input samples at a time to the buffer with frame length L [6]. Note that when odd stacking is used, the 
input signal must be flipped in sign every N samples [7]. And then, this buffer will be processed by 
an analysis window with also length L. Lastly, this L-sample frame will be folded into N-sample 
blocks for Fast Fourier Transform (FFT) process to produce spectrum output in complex numbers. Its 
mathematical framework is defined as [5]: 
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                                                                   (2) 
 

where x(m) is a time domain signal sampled every  samples in time m,   ,  is the 
number of frequency samples,  is the discrete frequency index,  is the analysis window, and  
is the time index of the short-time transform at the decimated sampling rate (decimated by the 
integer factor ).  

WOLA synthesis is like the reverse of WOLA analysis. It applies inverse Fourier transformation 
to segments of short-time Fourier spectrum and sum the results with overlap to obtain audio signal 
in time domain. Its main characteristic is to transform frequency spectrum data back to a finite 
length of time domain signal. Its mathematical framework is defined as [5]:  

 
                                                     (3) 
 
 where  is a discrete short-time spectrum, output  is considered as sampled every  

samples in time ,  and ,  is the number of frequency samples,  is the discrete 
frequency index,   is the synthesis window. and s is the time index of the short-time transform 
at the decimated sampling rate (decimated by the integer factor ).  

 The operation of WOLA filterbank is determined by a number of parameters: Analysis window 
size (La), Synthesis window size (Ls), Input block step size (R), and FFT size (N). In our 
experiments, La is set to 512, Ls is 256, N is 256, R is 64, and odd stacking is used to produce 
reasonable spectral and temporal resolutions.  

 Next, each extracted energy trough is processed through WOLA analysis and returns 128 
complex numbers. All complex numbers are transformed to real numbers by magnitude calculation 
to represent the value of 128 bins in frequency domain. After 128 bin features are created, they are 
converted into 22-channel feature curves by bin merging. Because in cochlear implants, only up to 
22 channels of stimulating signals are generated to mimic normal hearing. Since the speech signal 
generally occupies the low-mid frequency, it is important to reserve a higher resolution of data in 
0.1 kHz ~ 3 kHz frequency range. 

 

 
 

Table 2: WOLA bins that are combined into 22 channels. 
 
Each event has its own signature feature curve shape. For better observation, the plots of four 

events’ averaged feature curve out of roughly 1500 feature curves are shown below. Those plots give 
valuable information about how this intelligent detection system ‘sees’ these events. The 
distinguishable patterns of each event create the opportunity for machine recognition.  

 

    
Figure 3. A direct comparison of 4 events’ averaged feature curves, including events ‘cafe’, 

‘cafeteria’, ‘hallway’, ‘kitchen’. The horizontal axis stands for frequency channels, and the vertical axis 
is magnitude in dB. 

4. NEURAL NETWORK DETECTION 
Neural network’s automatic structure learns the highly nonlinear mapping between the input and the 

output directly from data, therefore reducing the need to find human-crafted intermediate representations 
[12]. A Feed-forward neural network with 1 hidden layer is used in this study. Also, the training function 
of Levenberg-Marquardt is used. In our experiment, the neural network accepts 22 input values from 22 
channels, and outputs 11 values representing the classification confidence for the 11 pre -defined events. 
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Figure 4. The neural network 1-layer structure. 

 
Each neuron in hidden layer and output layer forms a web structure, as described in this formula: 
 

           (4) 
 

where ‘i’ denotes the input to the neuron, ‘o’ denotes the output of the neuron, ‘w’ is weight, ‘b’ is 
bias, and ‘ƒ’ is the transfer function.  

First of all, a neuron takes an input either from feature curves or from the output of previous layer. 
The input is multiplied by a weight value and then added with a bias value. After that, a non-linear Log-
Sigmoid transfer function is applied to form the neuron output.  
   The training set is a matrix with a size of 22 rows and around 300,000 columns, which represents the 
22 bins values of around 300,000 feature curves extracted from all the test audio files. Another matrix of 
targeted result is also stored, which has 11 rows and same number of columns. This target matrix tells the 
neural network which feature curve belongs to which event. During the training procedure, the assigned 
values for weights and bias would be adjusted to approach producing output results similar to target 
matrix.  

After neural network is built, a 5 seconds time frame is sufficient to give a detection clas sification 
result. The output from the neural network will give 11 values, representing the confidence level 
(likelihood) of the 11 events. And the event with the largest confident value will be selected as the 
detected event. 

 
Table 3: Confidence Matrix shows the overall averaged confidence values for all 11 events. Each column is 

one event under detection, and the rows are the confidence level of 11 events. 
  
Table 3 lists out the averaged confidence values for all 11 events. The confidence value is the output from 

neural network ranging from 0 to 1(0% to 100%). After each detection, one confidence level will be generated 
for each event, representing the likelihood to be recognized as that event. It gives information about the 
similarity of two events’ feature curves from the detection system’s perspective. For example, it could be found 
that ‘meeting’ is recognized as similar to ‘hallway’ by observing that meeting’ has a 0.1772 confidence value 
to ‘hallway’, at the same time, ‘hallway’ has a 0.3241 confidence value to ‘meeting’. 

 

 
Table 4: Confusion Matrix shows the overall detection accuracy for all 11 events. Each column is one 

event under detection, and the rows are the recognition rates in percentage for 11 events.  
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Table 4 lists out the overall detection accuracy for all 11 events. It provides a general view of the 

recognition correctness rate for each event. It also indicates which event is misclassified if error occurs.  
   Table 3 and Table 4 are related but not the same. The averaged confidence levels could not be directly 
translated into detection accuracy. In other words, if one event has a very low averaged confidence value of 
itself, it couldn’t imply its detection accuracy is low. For example, event ‘square’ has a 0.3692 averaged 
confidence value to be detected correctly, and a 0.3614 averaged confidence value to be incorrectly 
classified as ‘cafeteria’. By reading the confidence values, it looks like event ‘square’ will often be 
recognized as ‘cafeteria’, as they have similar averaged confidence values. However, the confusion matrix 
shows that ‘square’ has a high 96% accuracy, and only a 3% chance to be wrongly detected as ‘cafeteria’. 
The reason is that although the two events have similarly low confidence levels, the confidence values of 
‘cafeteria’ is still smaller than that of ‘square’ in most of the time. The two main reasons for 
misclassification are: similar feature curves between two events; variance of the feature curves of one 
event. 

5. NOISE REDUCTION WITH GAIN PATTERN 
Noise reduction is one important real field application to take advantage of the automatic event 

detection results. The de-noise gain patterns for each event could be derived from the events’ 
averaged feature curve patterns. A meaningful event gain pattern with the attenuation range of 0 dB 
to -30 dB can be derived from flipping-over the event averaged feature curve, and then apply 
normalization and pre-emphasis. A de-noised gain pattern could be easily applied to the frequency 
domain audio data after WOLA analysis but before WOLA synthesis. This de-noising gain pattern 
attenuates the noise dominating frequency channels.  

The noise reduction performance is evaluated preliminarily by listening to the audios before/after 
de-noising, and visually comparing the spectrogram of input/output audio signals. The result shows 
that after applying the gain pattern, the output audio sounds noticeably less noisy, with the speech 
more popped out. But the event gain pattern won’t react to sudden or periodic changes in 
background noises. It is most effective for elimination of stationary noise with constant volume 
level and similar characteristics.  

Another method to generate de-noise gain pattern is using the instant trough background noise 
data [4]. In this approach, the last four troughs would be extracted and fed into a FIFO (First In First 
Out) to generate an averaged instant feature curve, which would be applied to same processes of 
flip-over, normalization, and pre-emphasize to derive the instant gain pattern for the current time 
moment. Since this instant gain pattern is updated every time when a new trough is detected, it is 
adaptive to the dynamically changing background noise. Now even the abrupt noise could be deeply 
suppressed. However, the instant gain doesn’t update itself if no new trough is detected. Then the 
instant gain pattern has too little attenuation on the noise or mistakenly attenuates human speech. 
Through preliminary testing, it is found that the output audio’s speech volume goes up and down 
from time to time, caused by the abrupt changes of the instant gain pattern. Also, the speech doesn’t 
sound smooth, as the first and last syllables of a word are usually cut off.   

 To overcome the limitations of both the event gain pattern and instant gain pattern, a 
combination of them with an adjustable weighting ratio is tested in the experiment. The test results 
have proven that the combined gain pattern generates output audio with less noise over the course 
and smoother speech transitions between syllables. By observation of its spectrogram, it ’s shown 
that output audio has improved noise reduction ability (larger blue area) compared to Figure 5. (a), 
and meanwhile it has smoother speech transitions (less gaps in low frequency yellow a rea) 
compared to Figure 5. (b). Therefore, the combined gain pattern can potentially improve de-noising 
results. 
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Figure 5. These three images are zoom-in comparison between three types of gain patterns 

applied. Image (a) is the spectrogram result of using the event gain pattern. Image (b) is the 
spectrogram result of using the instant gain pattern. Image (c) is the spectrogram result of using the 

combined gain pattern at ratio of 1:1. Image (a) preserves and enhances all the details in human 
speech. But it has horizontal spectral gaps, since its gain pattern remains the same over time. And 
it’s less effective in reducing noise which doesn’t match the event gain pattern. Image (b) could 

greatly reduce noise. It applies adaptive instant gain pattern from the background noise in real time. 
But it creates temporal (vertical) speech gaps, which causes the speech stuttering. Image (c) 

combines the detection results of the two gain patterns. It is more efficient in noise reduction, while 
retaining the smoothness of human speech. 

6. CONCLUSIONS AND DISCUSSION 
In this study, a novel approach for sound event detection in realistic environments using WOLA 

and a feedforward neural network was proposed. The trough detection algorithm has been proven to 
be able to accurately extract background sections. WOLA is capable of transforming those background 
time domain sections into frequency spectrum (feature) curves for gain application. Then these feature 
curves are used as training data for neural network. After the neural network is built, mixed audio 
signals can be fed into neural network for event classification. This model could also contribute to 
background noise reduction by attenuating the targeted background noise frequency regions. A gain 
pattern could be derived by flipping the event feature curve. This gain pattern is later applied back to 
the mixed audio signal in complex domain for noise reduction purpose. WOLA synthesis is used to 
transform the frequency domain data back to continuous time domain audio. Preliminary evaluations 
were carried out for a noise reduction efficiency test, and the noise suppression performance for pre -
defined events is improved. 

 
Figure 6. block diagram of the intelligent event detection and noise reduction systems of this paper.  

 
 For future work, a larger training dataset with more event signals could be used for training to 

further understand the full capability of this system. Future  work could be made to test this system 
on a real hearing device. Furthermore, this system could be applied to not only noise detection, but 
also smart sound recognition, such as keyword spotting.  
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ABSTRACT 
For the study of measurement uncertainty estimation it is necessary to understand the model used to perform 
the measurements. In acoustic performance measurements of Hearing Aids the IEC 60118 part 0 and part 7 
present the method used for the measurements achievements. However, these standards present two possible 
acoustic environments where acoustic performance measurements of Hearing Aids can be achieved: 
Anechoic Chamber and Test Box. This work will estimate the maximum expanded measurement uncertainty 
in acoustic performance measurements of Hearing Aids in Anechoic Chamber and Test Box. For the 
estimation of the maximum expanded measurement uncertainty will be studied the main sources of 
uncertainties that lead to the greatest impact in the model used. A strong emphasis will be given to the source 
of uncertainty regarding the sound field where Hearing Aids are positioned for acoustic performance 
measurements. This investigation is based on results of experimental measurements. This work shows the 
differences found in the estimation of maximum expanded measurement uncertainty in the Anechoic 
Chamber and in the Test Box. 
 
Keywords: Hearing Aids, Uncertainty, Sound Field 

1. INTRODUCTION 
For the study of expanded measurement uncertainty estimation it is necessary to understand the 

model used to perform the measurements. In acoustic performance measurements of Hearing Aids the 
IEC 60118 part 0 and part 7 present the model used for the measurements achievements . However, 
these standards present two possible acoustic environments where acoustic performance 
measurements of Hearing Aids can be performed. 

 Anechoic Chamber 
 Test Box 

The expanded measurement uncertainty can be managed to estimate the lowest expanded 
measurement uncertainty and also the maximum admissible expanded measurement uncertainty for a 
model used. The lowest expanded measurement uncertainty is estimated when the Laboratory 
performing Hearing Aids acoustic performance measurements calibrates its measurement 
instrumentation and then applies the deviation values described in the calibration certificates to correct 
the systematic errors those measuring instruments are introducing into the measurement result.  

The maximum expanded measurement uncertainty is estimated when the Laboratory calibrates its 
measuring instruments but does not apply the values of deviations reported in the calibration 
certificates. The action taken by the Laboratory summarizes the understanding that the measuring 
instruments conform to the requirements of the standard applied during the calibration and therefore 
will not apply any correction due to systematic errors caused by the measuring instruments in the 
measurement results. 

IEC 60118-7 (2005) describes in Table 4 of clause 9 that the maximum permitted expanded 
measurement uncertainty (UMax) must not be greater than 1 dB (for frequencies in the range 200 Hz to 
4000 Hz) and must also not be greater than 1.5 dB (for frequencies greater than 4 kHz). IEC 60118-0 
(2015) describes in Table 3 of clause 10 that UMax must not be greater than 2 dB (for frequencies in the 
range 200 Hz to 4000 Hz) and must not be greater than 2.5 dB (for frequencies  greater than 4 kHz). 

From the above, it is noticed that the method using test box (IEC 60118-7) has a lower UMax than the 
method using anechoic chamber (IEC 60118-0). 

This work will present examples of expanded measurement uncertainty budget where one of the 
laboratories has a good quality system. It will also present a expanded measurement uncertainty 
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budget where the measuring instruments of the second laboratory operate very close to limit of the 
allowed tolerances. With the results of these two examples it will be shown how one can reach an UMax, 
both in Anechoic Chamber and in Test Box. 

2. EXPANDED MEASUREMENT UNCERTAINTY BUDGET 

2.1 Laboratory with a good quality system 
It is assumed here that a laboratory with a good quality system is one that has its measurement 

standards calibrated in an Accredited Laboratory linked to the ILAC and then applies the deviation 
values described in the calibration certificates to correct the systematic errors those measuring 
instruments are introducing into the measurement result.  

All significant sources of uncertainties must be identified in the model adopted. Since the standards IEC 
60118-0 and IEC 60118-7 use a free-field sound propagation model, then one of the main sources of 
uncertainty must be related to the law of the inverse distance (1/r , where r is the distance in meters). This 
implicate in the decay of the sound pressure level of 6 dB when the distance "r" is doubled. 

 
2.1.1 Anechoic Chamber  

The first source of uncertainty to be investigated in this subsection is that related to free-field sound 
propagation. The anechoic chamber of the Electroacoustic Laboratory of INMETRO has dimensions of 
Height (4.10 m), Length (5.32 m) and Width (4.30 m), totaling approximately 94 m3. The SPL 
measurements for the determination of deviation rms (rmsd) [3] in the anechoic chamber have taken the 
reference measurement point which is one meter away from the loudspeaker. The SPL measurements 
started 0,85 meter distant from the Loudspeaker in steps of 2 mm until the last point 1,15 meter distant 
from the loudspeaker. After these SPL measurements, all the SPL measured were normalized to the SPL 
related to the reference point (one meter). A linear regression was taken and differences between this linear 
regression and 1/r Law was computed (see Equation 1). Equation (1) to determine the value of the 
"deviation rms (rmsd)" of the ideal free sound field:  

N
rLinearN

i ii1
2/1Re

2/1

rmsd
     (1) 

where: 
N : is the number of measured points; 
r : is the distance from the loudspeaker; 

1/ri : is the SPL calculated for the i-th point of the straight line that represents the Law of the inverse 
of the distance; 

LinearRei.: is the SPL calculated for the i-th point of the straight line that fits the measured points. 
 

Table 1 shows the rmsd values determined inside the Anechoic Chamber; also it shows the estimated 
standard measurement uncertainty (us field) values of the non-uniformity of the sound field assuming a 
rectangular probability distribution. 
Table 1 - Non-uniformity of the free field in terms of rmsd and standard measurement uncertainty (us field) 

 
The other sources of standard uncertainties (Type B) considered relevant in this work are: Reference 
microphone (uMic), Coupler + microphone (uCoupl+Mic), Pistonphone (uPiston), Hearing aids positioning 
(uPosit), Coupling of the Tube of hearing aids to the coupler (uTube), linearity of the A/D converter (uLin AD) 
and rounding (uRound). Finally, the standard uncertainty of type A related to repeatability (uRepeat) is also 
considered. Figure 1 shows the model of the measured method used here to estimate the sources of 
uncertainties. 

2.1.1.1 Reference microphone, uMic  
It is assumed that the ½" reference microphone meets the requirements (allowable tolerances) of Table 6 

of IEC 61094-4 [4]. It is also assumed that the microphone was calibrated and its systematic deviations 
were corrected during the measurement. Therefore, uMic is the expanded measured uncertainty stated in the 
calibration certificate (coverage factor k = 2) divided by two.  

Freq (Hz) 200 250 315 400 500 630 800 1000 1250 1600 2000 2500 3150 4000 5000 6300 8000 10000
rmsd (dB) 0,042 0,037 0,033 0,035 0,032 0,042 0,043 0,087 0,072 0,053 0,040 0,032 0,128 0,073 0,122 0,043 0,083 0,090
u S field  (dB) 0,024 0,021 0,019 0,020 0,018 0,024 0,025 0,050 0,042 0,031 0,023 0,018 0,074 0,042 0,070 0,025 0,048 0,052
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Figure 1 – Model of the measured method used to estimate the sources of uncertainties. 

2.1.1.2 Coupler+ microphone, uCoupl+Mic  
IEC 60318-5 [4] does not refer to tolerances acceptable to the acoustic impedance of the acoustic 

coupler 2cm3. Already IEC 60318-4 [5] informs the allowable tolerances to the acoustic impedance of the 
artificial ear. Table 1 of IEC 60318-4: 2010 informs these tolerances from 100 Hz to 10kHz. Then it is 
assumed that an artificial ear meets the requirements (allowable tolerances) of Table 1 of IEC 60318-4. It is 
also assumed that the “artificial ear + microphone” was calibrated and its systematic deviations were 
corrected during the measurement. Therefore, uCoupl+Mic is the expanded measured uncertainty stated in the 
calibration certificate (coverage factor k = 2) divided by two.  

2.1.1.3 Pistonphone, uPiston  
The pistonphone is used to adjust the gain of both the reference microphone channel and the 

microphone channel of the coupler. It has been calibrated and the systematic deviation value determined 
complies with the requirement of Table 5 of IEC 60942: 2017 [7]. This deviation is corrected during the 
gain adjustment procedure. uPiston is the expanded measured uncertainty stated in the calibration certificate 
(coverage factor k = 2) divided by two. 

2.1.1.4 Coupling of the Tube of hearing aids to the coupler, uTube  
A study was performed with variations in the length of the tube. The variations were of 3 mm on the 

nominal value of 25 mm (22 mm, 25 mm and 28 mm). SPL measurements on the output coupler were 
performed with these different tube lengths. The maximum deviation on the SPL compared to the SPL with 
the nominal tube length of 25 mm was divided by √3 (rectangular distribution) and the value of uTube was 
determined. 

2.1.1.5 Linearity of the A/D converter, uLin AD  
The data acquisition system used is based on an A/D converter which may have some non-linearity 

problem when SPL signals have differences greater than 10 dB. In the calibration of this data acquisition 
system the greatest deviations were observed when signals with differences of up to 40 dB were injected to 
the A/D converter. These maximum values of deviations obtained divided by √3 (rectangular distribution) 
are the uLin AD determined. 

2.1.1.6 Rounding, uRound  
Considering that the results obtained are rounded to a decimal digit in dB, then the contribution due to 

rounding is uRound = 0,05/√3. 
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2.1.1.7 Repeatability, uRepeat  
The uRepeat of the hearing aids under test characterizes the quality in the execution of the measurement 

procedure. Three replicates of a BTE Hearing Aid were performed and the standard deviation was 
calculated. The uRepeat was determined by dividing the standard deviation by √2 (number of replicates 
minus 1). 

The expanded measurement uncertainty budget is shown in dB (Table 2), however before calculating 
the combined standard measurement uncertainty (uC) and also the expanded measurement uncertainty 
(u95%), all values were converted to percentages and only after determination of the expanded measurement 
uncertainty in % did this value converted to dB. Table 2 shows the expanded measurement uncertainty 
budget in anechoic chamber. 

 
Table 2 – Expanded measurement uncertainty budget (u95%) in anechoic chamber 

 

2.1.2 Test Box  
As described in 2.1.1, it is understood that one of the main sources of uncertainty is the sound field. 

Therefore the idea is to verify the non-uniformity of the sound field around the position where the 
reference microphone and the hearing aid should stay during the measurement procedure.  The interval 
of points where SPL should be measured has beginning 0,057 meter from the loudspeaker and, in steps 
of 4 millimeters, extended until the point 0,121 meter from the loudspeaker, where the average 
measuring point is 0.089 meters and corresponds to the circular marking center (see Figure 2) of the 
FONIX 8120 (by Frye Electronics). Figure 1 shows the positioning of these measurement points within 
the FONIX 8120 (test box). 

 
Figure 2 - Positioning of the SPL measurement points inside the FONIX 8120 

After obtaining all SPL representing each distant point of the loudspeaker rmsd was determined like in 
2.1.1. and consequently the value of us field. Table 3 shows the rmsd values determined inside the FONIX 
8120, also it shows the estimated standard measurement uncertainty (us field) values of the non-uniformity 
of the sound field assuming a rectangular probability distribution. 

Table 3 – rmsd values determined inside the FONIX 8120 and us field related to the non-uniformity of the 
sound field in Test Box   

 
 

The umic was evaluated differently from 2.1.1.1, because the microphone that accompanies the 

S Uncert /Freq. (Hz) 200 250 315 400 500 630 800 1000 1250 1600 2000 2500 3150 4000 5000 6300 8000 10000

u s field (dB) 0,024 0,021 0,019 0,020 0,018 0,024 0,025 0,050 0,042 0,031 0,023 0,018 0,074 0,042 0,070 0,025 0,048 0,052

u Piston  (dB) 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035

u Piston  (dB) 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035

u Mic  (dB) 0,040 0,040 0,040 0,040 0,040 0,040 0,040 0,040 0,040 0,045 0,045 0,045 0,050 0,050 0,055 0,055 0,060 0,065

u Tube  (dB) 0,006 0,006 0,006 0,006 0,014 0,017 0,043 0,087 0,115 0,058 0,069 0,087 0,087 0,087 0,173 0,231 0,121 0,144

u Posit  (dB) 0,075 0,070 0,070 0,060 0,060 0,040 0,060 0,075 0,050 0,050 0,060 0,100 0,100 0,125 0,170 0,210 0,250 0,162

u Lin AD  (dB) 0,001 0,001 0,001 0,001 0,001 0,001 0,001 0,001 0,001 0,001 0,001 0,001 0,001 0,001 0,001 0,001 0,001 0,001

u Round  (dB) 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029

u Coupl+Mic (dB) 0,100 0,100 0,100 0,100 0,100 0,100 0,100 0,100 0,100 0,100 0,100 0,100 0,100 0,100 0,100 0,100 0,125 0,150

u Repeat  (dB) 0,015 0,015 0,015 0,015 0,015 0,015 0,015 0,025 0,015 0,015 0,015 0,015 0,022 0,015 0,015 0,015 0,100 0,100

u C  (%) 1,67 1,64 1,64 1,58 1,59 1,51 1,66 1,96 2,04 1,69 1,79 2,10 2,13 2,29 3,19 3,93 3,86 3,42

u 95%  (%) 3,33 3,27 3,27 3,17 3,18 3,02 3,32 3,91 4,07 3,38 3,58 4,21 4,25 4,58 6,38 7,86 7,71 6,84

U 95%  (dB) 0,3 0,3 0,3 0,3 0,3 0,3 0,3 0,3 0,3 0,3 0,3 0,4 0,4 0,4 0,5 0,7 0,6 0,6

Freq (Hz) 200 250 315 400 500 630 800 1000 1250 1600 2000 2500 3150 4000 5000
rmsd (dB) 2,099 1,674 1,250 0,668 0,554 0,303 0,214 0,414 0,529 0,398 0,327 0,874 0,775 0,973 1,191

u S field  (dB) 1,212 0,967 0,722 0,386 0,320 0,175 0,123 0,239 0,305 0,230 0,189 0,505 0,448 0,562 0,687
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FONIX it is not in accordance with IEC 61094-4, so it could not be calibrated. Even without being able 
to calibrate the microphone it has been assumed that it meets at least the permitted tolerances of IEC 
61094-4. Then the umic equals the tolerance of IEC 61094-4 divided by √3 (rectangular distribution). 

The uCoupl+Mic was assumed differently than 2.1.1.2, because the coupler that accompanied FONIX 
could not be calibrated, since the microphone accompanying it cannot be calibrated. It was assumed 
that the coupler complies with IEC 60318-4. Then the tolerances of this standard were divided by √3 
and uCoupl+Mic was determined. 

The upiston was assumed equal to 2.1.1.3, however it is computed only once, since the FONIX 8000 
measuring system has only one measuring channel. The uTube was assumed to be identical to 2.1.1.4. 
The uLin AD could not be evaluated because the FONIX 8000 measuring system is a closed system that 
did not allow to be calibrated electrically, so a typical value of good quality acquisition boards was 
assumed. The uRound was assumed identical to 2.1.1.6. Finally, the urepeat was determined by 
performing three replicates of a BTE Hearing aids measurement and the values obtained were treated 
as in 2.1.1.7. 

The method used by FONIX is a sequential method, unlike the method used in 2.1.1 which is a 
simultaneous method. Since the FONIX 8000 measuring system has only one measurement channel, 
then it is possible that the transfer function between the loudspeaker / microphone / Hearing aids may 
change over a period of time, not so long, but for example, during the measurement with control 
microphone (reference) and then with the BTE Hearing aids (temperature, humidity, barometric 
pressure and heating of the loudspeaker coil may occur). To deal with this problem, a new standard 
measurement uncertainty was assumed. It tries to estimate this variation of the transfer function and 
will be called uTF. Measurements were performed and the detected variations of SPL were assumed 
with rectangular probability distribution. 

The expanded measurement uncertainty budget is shown in dB (Table 4), however before calculating 
the combined standard measurement uncertainty (uC) and also the expanded measurement uncertainty 
(u95%), all values were converted to percentages and only after determination of the expanded measurement 
uncertainty in % did this value converted to dB. Table 4 shows the expanded measurement uncertainty 
budget in Test Box (FONIX). 

Table 4 – Expanded measurement uncertainty budget (u95%) in Test Box (FONIX) 

 

2.2 Laboratory operate very close to limit of the allowed tolerances 
In this subsection it is assumed that a Laboratory does not have a very efficient quality system and 

performs its activities without applying systematic corrections to the measurement results. In 
subsection 2.1 the most important measuring instruments have calibration certificates and the 
systematic deviations described therein are taken into account on the measurement result. In this 
subsection instruments such as Reference Microphone, Coupler and Sound Calibrator are assumed to 
have only the information that are operating very close to the tolerance limit allowed. Another 
difference from subsection 2.1 is that the Pistonphone (class LS) is not used but a Class 2 Sound 
Calibrator. Subsections 2.2.1 and 2.2.2 show the final impacts that this new approach leads to the 
expanded measurement uncertainty budget. 

 

S Uncert /Freq. (Hz) 200 250 315 400 500 630 800 1000 1250 1600 2000 2500 3150 4000 5000

u s field (dB) 1,212 0,967 0,722 0,386 0,320 0,175 0,123 0,239 0,305 0,230 0,189 0,505 0,448 0,562 0,687

u Piston  (dB) 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035 0,035

u TF  (dB) 0,055 0,058 0,068 0,167 0,196 0,364 0,393 0,398 0,358 0,404 0,352 0,294 0,248 0,144 0,121

u Mic  (dB) 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,433

u Tube  (dB) 0,006 0,006 0,006 0,006 0,014 0,017 0,043 0,087 0,115 0,058 0,069 0,087 0,087 0,087 0,173

u Posit  (dB) 0,095 0,090 0,090 0,085 0,085 0,080 0,085 0,095 0,075 0,075 0,090 0,135 0,138 0,152 0,195

u Lin AD  (dB) 0,005 0,005 0,005 0,005 0,005 0,005 0,005 0,005 0,005 0,005 0,005 0,005 0,005 0,005 0,005

u Round  (dB) 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029

u Coupl+Mic (dB) 0,346 0,346 0,346 0,346 0,346 0,346 0,346 0,404 0,404 0,404 0,462 0,462 0,520 0,577 0,693

u Repeat  (dB) 0,230 0,160 0,080 0,075 0,025 0,034 0,130 0,062 0,180 0,022 0,250 0,027 0,023 0,026 0,029

u C  (%) 16,2 13,1 10,3 7,4 7,0 7,2 7,4 8,2 8,5 8,1 8,6 9,6 9,5 10,5 13,2

u 95%  (%) 32,3 26,2 20,6 14,7 13,9 14,4 14,9 16,4 16,9 16,2 17,2 19,3 18,9 21,0 26,4
U 95%   (dB) 2,4 2,0 1,6 1,2 1,1 1,2 1,2 1,3 1,4 1,3 1,4 1,5 1,5 1,7 2,0
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2.2.1 Anechoic Chamber  
The standard uncertainty related to nonuniformity of the sound field uS Field is considered the same, 

since the anechoic chamber used by the Laboratory is the same. As with the st andard uncertainty 
related to nonuniformity of the sound field, the standard uncertainties uTube, uPosit, uRound and u Repeat 
are identical to those in subsection 2.1. 

2.2.1.1 Reference microphone, uMic  
It is assumed that the ½" reference microphone meets very close to limit of the allowed tolerances 

described in Table 6 of IEC 61094-4. It is also assumed that the microphone was not calibrated and its 
systematic deviations were not corrected during the measurement. Then the umic equals the tolerance of 
IEC 61094-4 divided by 3 (rectangular distribution). 

2.2.1.2 Coupler + microphone, uCoupl+Mic  
It is assumed that the occluded ear simulator meets very close to limit of the allowed tolerances 

described in Table 1 of IEC 60318-4:2010. It is also assumed that the occluded ear simulator was not 
calibrated and its systematic deviations were not corrected during the measurement. Then the uCoupl+Mic 
equals the tolerance of IEC 60318-4 divided by 3 (rectangular distribution).  

2.2.1.3 Sound Calibrator, uSCal2  
Sound Calibrator class 2 is used to adjust the gain of both the reference microphone channel and the 

microphone channel of the coupler. It is assumed that the Sound Calibrator class 2 was not calibrated and 
its systematic deviations were not corrected during the measurement. Then the uSCal2 equals the tolerance 
described in Table 5 of IEC 60942: 2017 by 3 (rectangular distribution). 

The expanded measurement uncertainty budget is shown in dB (Table 5), however before calculating 
the combined standard measurement uncertainty (uC) and also the expanded measurement uncertainty 
(u95%), all values were converted to percentages and only after determination of the expanded measurement 
uncertainty in % did this value converted to dB. Table 5 shows the expanded measurement uncertainty 
budget in Anechoic Chamber. 

 

Table 5 – Expanded measurement uncertainty budget (u95%) in anechoic chamber for Laboratory that 
operate very close to limit of the allowed tolerances 

 

2.2.2 Test Box 
The standard uncertainties will be assumed identical to those in subsection 2.1.2, except for uSCal2 

which replaces uPiston, because it is assumed here that the Laboratory uses a Sound Calibrator (Class 2) 
of a lower accuracy class than the Pistonphone (class LS). Table 6 shows all the standard uncertainties 
assumed here, as well as the combined standard measurement uncertainty and the expanded 
measurement uncertainty.  

 
 
 
 
 

S Uncert /Freq. (Hz) 200 250 315 400 500 630 800 1000 1250 1600 2000 2500 3150 4000 5000 6300 8000 10000

u s field (dB) 0,024 0,021 0,019 0,020 0,018 0,024 0,025 0,050 0,042 0,031 0,023 0,018 0,074 0,042 0,070 0,025 0,048 0,052

u SCal2  (dB) 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433

u SCal2  (dB) 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433

u Mic  (dB) 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,433 0,577 0,722 0,866

u Tube  (dB) 0,006 0,006 0,006 0,006 0,014 0,017 0,043 0,087 0,115 0,058 0,069 0,087 0,087 0,087 0,173 0,231 0,121 0,144

u Posit  (dB) 0,075 0,070 0,070 0,060 0,060 0,040 0,060 0,075 0,050 0,050 0,060 0,100 0,100 0,125 0,170 0,210 0,250 0,162

u Lin AD  (dB) 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052

u Round  (dB) 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029

u Coupl+Mic (dB) 0,346 0,346 0,346 0,346 0,173 0,346 0,346 0,404 0,404 0,404 0,462 0,462 0,520 0,577 0,693 0,693 0,981 1,270

u Repeat  (dB) 0,015 0,015 0,015 0,015 0,015 0,015 0,015 0,025 0,015 0,015 0,015 0,015 0,022 0,015 0,015 0,015 0,100 0,100

u C  (%) 9,03 9,02 9,02 9,01 8,29 9,00 9,03 9,42 9,43 9,36 9,75 9,82 10,23 10,70 12,48 13,50 16,82 20,45

u 95%  (%) 18,05 18,04 18,04 18,02 16,58 18,00 18,05 18,83 18,87 18,72 19,51 19,63 20,45 21,40 24,96 27,00 33,63 40,90

U 95%  (dB) 1,4 1,4 1,4 1,4 1,3 1,4 1,4 1,5 1,5 1,5 1,5 1,6 1,6 1,7 1,9 2,1 2,5 3,0
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Table 6 – Expanded measurement uncertainty budget (U95%) in Test Box (FONIX) for Laboratory that 
operate very close to limit of the allowed tolerances 

 

3. DISCUSSION 
This work presents different frequencies range between the results in Anechoic Chamber and Test 

Box. IEC 60118-7 limits the measurements in the frequencies range 200 Hz to 5000 Hz. IEC 60118-0 
limits the frequencies range according to the coupler that is used. As the coupler used in this work is 
the occluded ear simulator (IEC 60318-4), then the frequencies range used in Anechoic Chamber is 
from 200 Hz to 10000 Hz. 

In the condition of the Laboratory having a good quality system two measurement results of 
expanded measurement uncertainty are presented, in Anechoic Chamber and in Test Box. Figure 3 
shows different expanded measurement uncertainties. 

When the Laboratory has a good quality system it is noticed that the U95% are much better in 
Anechoic Chamber than in the Test Box. The Test Box used here is the most used commercial model in 
Brazil, so the effort to use it here. The problem with this model of FONIX is that its microphone does 
not meet the dimensional requirements of IEC 61094-4, making it impossible to calibrate it and 
consequently its coupler. This causes the uncertainty value to increase greatly, although another source 
of significant uncertainty is the nonuniformity of the sound field.  

 

 
Figure 3 – Expanded measurement uncertainty (U95%) are presented in Anechoic Chamber and in Test Box 

When it is assumed that the Laboratory operates very close to limit of the allowed tolerances, 
therefore, without much concern for the risk analysis of the results obtained in the measurements, the 
expanded measurement uncertainties in Anechoic Chamber and Test Box are very close (400 Hz to 
2000 Hz). Out of this frequencies range the expanded measurement uncertainties related to Test Box 
increase compared to that presented in Anechoic Chamber. 

The estimate of Expanded Measurement Uncertainty presented in Figure 3 may contribute to the 
members of WG 13 “Hearing Aids” of IEC (TC 29) reviewing the values of Maximum Uncertainty 
Permitted  (UMax) in the Anechoic Chamber and Test Box measurements. As described in Section 1 
(Introduction), when the method used is the Test Box (IEC 60118-7) the UMax is at least 1 dB lower 
than that of the method using Anechoic Chamber (IEC 60118-0). 

S Uncert /Freq. (Hz) 200 250 315 400 500 630 800 1000 1250 1600 2000 2500 3150 4000 5000

u s field (dB) 1,212 0,967 0,722 0,386 0,320 0,175 0,123 0,239 0,305 0,230 0,189 0,505 0,448 0,562 0,687

u SCal2  (dB) 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433 0,433

u TF  (dB) 0,055 0,058 0,068 0,167 0,196 0,364 0,393 0,398 0,358 0,404 0,352 0,294 0,248 0,144 0,121

u Mic  (dB) 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,289 0,433

u Tube  (dB) 0,006 0,006 0,006 0,006 0,014 0,017 0,043 0,087 0,115 0,058 0,069 0,087 0,087 0,087 0,173

u Posit  (dB) 0,095 0,090 0,090 0,085 0,085 0,080 0,085 0,095 0,075 0,075 0,090 0,135 0,138 0,152 0,195

u Lin AD  (dB) 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052 0,052

u Round  (dB) 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029 0,029

u Coupl+Mic (dB) 0,346 0,346 0,346 0,346 0,346 0,346 0,346 0,404 0,404 0,404 0,462 0,462 0,520 0,577 0,693

u Repeat  (dB) 0,230 0,160 0,080 0,075 0,025 0,034 0,130 0,062 0,180 0,022 0,250 0,027 0,023 0,026 0,029

u C  (%) 17,0 14,1 11,5 9,0 8,7 8,8 9,0 9,7 9,9 9,6 10,0 10,9 10,8 11,7 14,2

u 95%  (%) 33,9 28,2 23,0 18,0 17,3 17,7 18,1 19,3 19,8 19,2 20,0 21,8 21,5 23,4 28,3
U 95%   (dB) 2,54 2,15 1,80 1,44 1,39 1,41 1,44 1,53 1,57 1,52 1,58 1,71 1,69 1,83 2,17

1773



 

 

This work used the "Occluded Ear simulator" coupler (IEC 60318-4) and not the 2 cm3 coupler 
described in IEC 60318-5, because this standard does not specify requirements for conformity analysis.  
These requirements are indispensable in order to estimate the standard uncertainty related to uCoupl+Mic. 

4. CONCLUSIONS 
This work presented values of expanded measurement uncertainty (U95%) for the acoustic 

performance measurement of hearing aids. 
This work does not claim to establish the true value for expanded measurement uncertain ty, but it 

presents the expanded measurement uncertainty of a laboratory that has a good quality system, which 
can be treated as the best calibration and measurement capability (CMC) for the measurement 
uncertainty. It also shows the expanded measurement uncertainty when the Laboratory operates close 
to the allowed tolerances of the measuring instruments, which can be assumed as a limiting condition 
for the permitted UMax for a measurement method. 

The authors recommend that further investigations into other models of Test Boxes be conducted 
with the purpose of having a more robust database to estimate UMax for application in Hearing Aids 
normalization with greater accuracy. 
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ABSTRACT 
In present study, the simulated binaural room impulse responses with different reverberation times (RTs), 
were convolved with the test word and sentence signals, and noise signal, and then reproduced by headphone. 
The subjective word and sentence recognition scores for elderly under different signal-to-noise ratio and RT 
were obtained. The results show that the shorter the RT, the higher the scores of word recognition and 
sentence recognition for the elderly. The higher the signal-to-noise ratio, the higher the scores of word 
recognition and sentence recognition. There is high correlation between the scores of word recognition and 
sentence recognition for the elderly. 
 
Keywords: Reverberation time, Signal-to-noise ratio, Word recognition, Sentence recognition, Ederly 

1. INTRODUCTION 
The auditory function of the elderly is gradually degenerative with the increase of age, and their 

hearing sensitivity and speech comprehension ability in noisy environment are gradually reduced. 
Compared with young adults with normal hearing, most of the elderly are difficult to hea r speech 
signals in unfavorable listening environment (1-3). Nabelek and Robinson (4) pointed out that speech 
intelligibility scores obtained at different reverberation times (RTs) required 10-20 dB sound pressure 
levels higher for old adults than in young adults through Modified Rhyme Test. Helfer and Huntley (5) 
studied the recognition of English consonants for the elderly in reverberation and noise. The subjects 
were divided into the elderly with impaired hearing, the elderly with slight hearing loss and  the young 
normal hearing. The results show that the elderly had a considerable barrier to speech understanding in 
the non-ideal auditory environment. A study by Sato (6) showed that speech intelligibility scores of the 
older listeners were 25% lower than those of young adults for a series of speech intelligibility test 
involving 20 younger and 20 older subjects. He pointed out that the effect of this difference was equal 
to the 5 dB increase of ambient noise. These studies demonstrated that the auditory function of elderly 
are gradually impaired when the elderly get older and the elderly need a higher speech intelligibility.  

STI was first proposed by Houtgast and Steeneken (7) and combined the effects of reverberation 
and noise on speech intelligibility in rooms into an objective parameter, which is used by many 
researchers and is good at predicting the speech intelligibility in room. Peng and Zhang (8, 9) 
conducted a subjective listening experiment on the correlation between Chinese speech intelligibility 
and STI in room. The results show that STI can predict and evaluate the speech intelligibility in room 
well. 

In this work, subjective evaluation of Chinese the word and sentence recognition under different 
reverberation and signal-to-noise ratio (SNR) conditions were conducted. The the word and sentence 
recognition in different acoustical environments were analyzed and compared. The relationship 
between the word and sentence recognition scores was also analyzed. The aims are to explore the 
speech communication effect of elderly in different reverberation and SNR conditions.  
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2. METHODS 

2.1 Rooms and sound fields 
Six rooms were modelled using ODEON. In each model, a source and a receiver (listening position) 

were set. The listening position in each room was located outside of the reverberation radius of the 
room and the minimum distance was 5.2 m and the maximum distance was 12.6 m between the source 
and listening position among these six listening positions. At each listening position, the RT and a 
binaural room impulse response were obtained by ODEON acoustical simulation through adjusted the 
absorption material in the room. The RT in 500-1000Hz octave frequency band at these six listening 
positions were given in Table 1. The room No .1 is the case in the anechoic chamber with no 
reverberation. 

Table 1 –Objective acoustical parameters 

Room No. RT /s STI  

1 No reverberation 
2 0.4 0.61 
3 0.6 0.57 
4 1.0 0.52 
5 1.5 0.46 
6 2.2 0.44 
7 5.2 0.37 

2.2 Word and sentence recognition test 
The word recognition test conducted by using Mandarin Chinese test word lists as specified by GB 

4959 (10). The test uses 25 five-word rows of similar-sounding Chinese monosyllabic words and is 
similar to modified rhyme test of English. The five words in each row are randomly arranged and diffe r 
only in the initial consonant sound (for example, hao, sao, gao, zao, kao). Fifteen word lists were 
derived from five basic word lists. One list is used for students to practice, the rest fourteen word lists 
are used for the test. The test word in carrier phrase is “The × row reads – ”. The “×” stands for row 
number and “—” stands for a test word. On the other hand, Chinese Mandarin Hearing in Noise Test 
(MHINT) (11) is used for the sentence recognition test. Fifteen sentence lists are used in the test. One 
list is used for students to practice, the rest fourteen lists are used for the test. Every list contains 10 
sentences. And each sentence is composed of 10 target words, for example, “  
(This team enters the finals at last)” . All word and sentence lists are recorded at the rate of 4.0 words 
per second in an anechoic chamber by using an omni-directional precision microphone at a distance of 
0.5m from the male speaker. The recording is edited by CoolEdit Pro. A ten-second (/thirty second) 
interval of silence between two adjacent carrier sentences (/test sentence) allowing listeners to mark 
the test word (/ write the test sentence) which he (/she) heard on the test paper has been inserted.  

Based on the average speech spectrum from test word and sentence signals, the corresponding 
speech-shaped noises are selected for the tests. The SNR was made equal for all selected frequency 
bands using speech-shaped noise with a frequency spectrum equivalent to the long-term speech 
spectrum. Since a speech-shaped noise with a frequency spectrum equivalent to the long-term speech 
spectrum was used, the SNR was approximately equal for all selected frequency bands  (12). All the 
noise, Chinese word and sentence test signal recorded in the anechoic chamber were convolved with 
the binaural room impulse response respectively, then mixed according to a certain SNR ( -5dBA and 
5dBA), and then reproduced through the Sennheiser HD580 headphone for the subjective Word and 
sentence recognition evaluation.. 

2.3 Participants 
Six elderly aged more than 60 years old who could hear and speak Mandarin were randomly 

selected to participate in the test. The old participants received a few minutes of instruction before the 
test. There was an interval of more than seven days after the participants performed a test in order to 
avoid their remembering the word lists. Presented by playback system in closed -response format, the 
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participants’ task is to identify the correct answer from five choices. The average of the subjective 
Chinese Mandarin word and sentence recognition scores across all six participants are obtained for 
each testing condition. Each participant participated in Chinese Mandarin word and sentence 
recognition test of a total of 14 conditions which included 7 different RTs (including a test condition 
with no reverberation and six reverberation conditions) and 2 SNRs conditions. During the test, the 
participant adjusted the sound pressure level to his/her favorite level. Because the test recording error, 
the Chinese word test score was deleted in room 4 under 5 dBA SNR. 

3. RESULTS AND DISCUSSION 
The subjective Chinese word and sentence recognition in all rooms is conducted with the different 

SNRs. Figures 1 show the Chinese word and sentence recognition scores and their standard deviations 
in different rooms and different SNRs, respectively. It can be seen from the Figure 1 that, both Chinese 
word and sentence recognition scores for elderly in these rooms increased with the increase of SNRs 
and decreased with the increase of RTs. 
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Figure 1 –Chinese word and sentence recognition scores and their standard deviations 

The Chinese word and sentence recognition scores of elderly are plotted against the corresponding 
STI from different test conditions in Figures 2. The correlation coefficients R and standard deviations 
(SDs) are 0.85, 6.5%; 0.94, 10.8%. To compare the difference in scores from different age group, the 
relationship between STI and Chinese word and sentence recognition scores of adults is also plotted in 
Figures 2. The data came from Peng (13) and Peng (14), respectively. Figures 2 show that both Chinese 
word and sentence recognition scores increase as the STI and the age increases.  
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Figure 2 -Relationship between Chinese word and sentence recognition scores and STI 

Both RT and SNR impact critical communication for the elderly. In this study, speech-shape noise 
which has the similar spectrum with speech test signals is mixed. The speech-shape noise can mask the 
Chinese word and sentence by energetic masking and decrease the recognition score of word and 
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sentence. Moreover, reverberation sounds also interfered with the word recognition by smeared the 
time gap between syllables. The longer the RT is, the lower the word and sentence recognition scores 
are. And more, the reverberation also interferes with the recognition of subsequent words and reduces 
the word and sentence recognition scores (15). When the reverberation and noise combines, especially 
the long RT, the reverberation not only strongly smear the word, but also enhance the noise level that 
increases the masking effect of noise on the word. All these factors result in the word and sentence 
recognition scores for the elderly in these rooms decreased with the increase of RTs and increased with 
the increase of SNRs. 

Sentence recognition requires the listener to extract both word and semantic information from the 
test speech signal, as well as acoustical information. There are two basic operations involved in the 
recognition of words with in sentences (16). One is the initial processing of acoustic-phonetic 
information, the other is the utilization of linguistic-situational information of speech (16, 17). The 
word recognition in a sentence is constrained by phonetic input and context.  Listeners can utilize 
different sources of knowledge about the structure of spoken language, including phonological, 
prosodic, lexical, semantic, syntactic, and situational, to constrain word choice. When STI is more 
than 0.42, the elderly can associate many Chinese words in the whole sentence according to several 
key Chinese words, and the score of sentence recognition is higher than that of word recognition. 
When STI is less than 0.42, the Chinese test words that can hear clearly are limited and the elde rly 
cannot associate the whole sentence, so the score of sentence recognition is lower than that of word 
recognition. On the other hand, the elderly's hearing and speech perception reduced gradually (18, 19), 
Figure 2 demonstrates that the word recognition scores and sentence recognition scores are lower than 
those of young adults. Figure 3 shows the relationship between the word recognition score and 
sentence recognition score of the elderly. There is high correlation between the word recognition score 
and sentence recognition score of the elderly and the correlation coefficient R is 0.86. When the word 
recognition score is lower than 80%, the sentence recognition score is lower than the word recognition 
score. When the word recognition score is higher than 80%, the sentence recognition score is higher 
than the word recognition score. 
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Figure 3 -Relationship between the word recognition scores and sentence recognition scores of the 

elderly 

4. CONCLUSIONS 
In the present work, six rooms were modelled by ODEON and the simulated binaural room impulse 

responses with different RT were obtained. The binaural room impulse responses were convolved with 
the test word and sentence signals, and noise signal and reproduced by headphone. The subjective 
word and sentence recognition scores for elderly under different SNR and RT were obtained. The 
results show that the shorter the RT, the higher the scores of word recognition and sentence recognition 
for the elderly. The higher the SNR, the higher the scores of word recognition and sentence recognition. 
There is high correlation between the scores of word recognition and sentence recognition for the 
elderly. 
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Abstract
Voice research is carried out experimentally by applying physical replicas and numerical models. Experimental
investigations involve high personnel, material and thus financial costs. Furthermore, the scientific outcome is
limited to the few parameters that are measured at specific positions in the larynx replica. In contrast to that,
numerical models provide a much higher amount of results since parameters from all possible locations in the
model can be obtained and analyzed. We follow a hybrid aeroacoustic approach, which performs in a first step
an incompressible flow simulation on a computational grid which is capable of resolving all relevant turbulent
scales. In a second step, we compute the acoustic source terms on the flow grid and perform a conservative in-
terpolation to the acoustic grid on which we solve the perturbed convective wave equation to obtain the acoustic
field. Finally, we validate the simulation results with results obtained from measurements.
Keywords: Finite element method, Computational aeroacoustics, Human phonation

1 INTRODUCTION
The aim of the present study is to validate the aeroacoustic workflow of the human phonation process regarding
a potential clinical application of an efficient computational model. This demand for computational efficiency
is taken into account by the hybrid aeroacoustic approach. The hybrid aeroacoustic approach separates the flow
and acoustic computations. Thereby, the flow results act as aeroacoustic sources in the acoustic computations,
which means that the flow couples only into the acoustic field. The aeroacoustic methods are implemented in
the software package CFS++ [4].

2 SIMULATION MODEL
The hybrid aeroacoustic approach is a powerful method in aeroacoustics to decouple the flow and acoustic
computations. We apply this approach to human voice research in order to obtain a computationally efficient
and robust sound prediction. In a first step an incompressible flow field, which resolves all relevant turbulent
scales, is simulated. The incompressible flow simulation and its validation of the CFD simulation is published
in [12]. In a second step, we compute the acoustic source terms on the flow grid and perform a conservative
interpolation [5] to the acoustic grid, on which we solve the perturbed convective wave equation (PCWE) to
obtain the acoustic field.
Section 2.1 describes the investigated geometry and how the acoustic simulation domain is derived from the
experimental setup and the flow simulation geometry to comply with the hybrid workflow. The aeroacoustic
model and the numerical setup of the acoustic simulation is discussed in Sec. 2.2. Additionally, we focus on
efficient numerical computation via non-conforming interfaces [6].
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2.1 Geometry
The simulated geometry is derived from the geometry of the experiments and follows the rules of the hybrid
aeroacoustic approach. Section 3.1 describes the experimental setup in detail [7]. Figure 1 describes the test
rig, with a rectangular subglottal channel, the vocal folds, the ventricular folds, and the rectangular supraglottal
channel. Microphones measured the sound radiation of the configuration at 1 m distance from the end of the
supraglottal channel.

supraglottal channel

vocal folds

subglottal
channel

190

flow

y

ventricular
folds

microphone

microphone

microphone
CFD region = CAA source region 1000

1000

10
00

xz

CAA 
propagation 
region

Figure 1. Schematic of the larynx model: subglottal, glottal, supraglottal regions, and the sound propagation
region with microphone positions. The CFD (bluish) and the CAA (reddish) geometry is adapted to the experi-
mental setup. All dimensions are in mm. Extracted and modified from [7].

The CFD domain is depicted by the bluish region in Fig. 1. It includes the rectangular subglottal channel,
the vocal folds, the ventricular folds, and the rectangular supraglottal channel, that is, all parts of the test rig
where the flow speed is sufficiently high. The incompressible aerodynamics of the present validation case was
simulated with Star-CCM+ (Siemens PLM software, Plano, TX/USA) and the movement of the vocal folds
is prescribed with a driving frequency of f = 148Hz symmetrically about the center line between the vocal
folds. Additionally to the CFD domain, the CAA geometry (reddish region) models the sound radiation to the
microphone positions.

2.2 Aeroacoustic model
Hardin and Pope [2] introduced the acoustic/viscous splitting technique for the prediction of flow-induced sound.
Afterwards, many scientists applied this idea and derived linear and non-linear wave equations [14, 1, 13, 11].
The essence of all these methods is that the flow field quantities are split into compressible and incompressible
parts
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p = p̄+ pic + pc = p̄+ pic + pa (1)
vvv = v̄vv+ vvvic + vvvc = v̄vv+ vvvic + vvva (2)
ρ = ρ̄ +ρ1 +ρ

a . (3)

2.2.1 Governing equation
In this sense, the field variables are decomposed into mean (p̄, v̄vv, ρ̄) and fluctuating parts. Additionally, the
fluctuating parts are further split into acoustic (pa, vvva, ρa) and flow components (pic, vvvic). Finally, a density
correction ρ1 is built according to Eq. (3). Introducing an arbitrary Lagrangian-Eulerian description for the
operators

D
Dt

=
∂

∂ t
+
(
vvv− vvvrg

)
·∇ , (4)

where vvvrg is the relative velocity of the grid, we arrive at the PCWE for moving meshes (see [5])

1
c2

D2ψa

Dt2 −∆ψ
a =− 1

ρ̄c2
Dpic

Dt
. (5)

This scalar convective wave equation is computationally efficient and describes aeroacoustic sources generated
by incompressible flow structures and wave propagation through moving media. This formulation reduces the
number of unknowns (acoustic pressure pa = ρ̄

Dψa

Dt and particle velocity vvva =−∇ψa) to just one scalar unknown,
the acoustic velocity potential ψa.

2.3 Numerical setup
The results of the aerodynamics simulation, which are required for the source term computation, are exported
as Ensight Gold-files. Every tenth CFD time step is written to the files leading to a temporal resolution of the
source term of 10µs. The incompressible fluid density is set to ρ = 1.204kg/m3 and the speed of sound is
given by c = 343 m/s.

2.3.1 Domain
Figure 2 shows the computational domain of the acoustic simulation. As a consequence of the hybrid workflow
and the non-conforming meshing strategy, the acoustic domain consists of three separate parts: the larynx, the
simple rectangular vocal tract, and the propagation region. The larynx and the vocal tract together match the
aerodynamic domain and contain aeroacoustic source. Furthermore, we have to note again that we use the sim-
ple rectangular vocal tract for the validation purpose with dimensions taken from the experimental study [7].
The propagation domain, a rectangular box located at the end of the vocal tract, is necessary to calculate the
sound radiation to the microphone position in a 45◦ angle and a distance of 80 mm to the center line. The
distance of the microphone in the simulation is intentionally chosen smaller than the distance in the measure-
ments to make the computation even more efficient. To account for the discrepancy of distances, we scale the
resulting acoustic pressure of the simulation with 1/r, where r is the distance from the end of the supraglottal
channel to the respective microphone position.

2.3.2 Discretization
The existing capabilities of the simulation software allow well suited meshes for the used subdomains. Inside
the larynx, a mesh consisting of tetrahedral elements approximates the continuous geometry by 266000 elements
with a maximum element size of 1mm. The discretization is chosen considerably different to the CFD grid, but
the utilized conservative interpolation strategy allows a CFD grid independent meshing. Inside the glottis region,
the characteristic length of the acoustic mesh is in the range of the aerodynamic discretization. The minimum
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time step of 10µs is enforced by the data exchange between the flow and the acoustic simulation. Based on the
estimation formula for characteristic acoustic element length ha

ha =
λ

20
=

c
20 fmax

= 3.4mm , (6)

we resolve a maximum frequency of fmax = 5kHz with 20 linear finite elements per acoustic wave length λ to
minimize the dispersion error if the actual element size is below the characteristic acoustic element length.

PML Propagation domainVocaltractGlottis

Propagation
domainPML

Non-conforming interfaces Sound hard boundary

Figure 2. Geometry and mesh of the acoustic simulation: subglottal, glottal, supraglottal region, the sound
propagation region, and the perfectly matched layer (PML) regions.

The simple vocal tract, the propagation region, and the perfectly matched layer (PML) regions are meshed
with hexahedron elements. Table 1 summarizes the number of elements and the maximum element size in the
different regions. The total number of finite elements of the acoustic mesh sums up to about 1 million.
For simpler mesh generation, the different meshes are mathematically connected by non-conforming interfaces
of Nitsche-type mortaring. The individual mesh generation reduces the number of total elements significantly
while maintaining accurate meshes for the wave equation. Therefore, this meshing strategy allows us to lower
the computational effort in the acoustic simulation.
We neglect the movement of the vocal folds and the convective term of the aeroacoustic source since the aver-
aged flow speed is relatively low [12]. These assumptions reduce the grid complexity and the data transferred
as well as the computational cost.
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Table 1. Mesh and element statistics of the subdomains.

Region Number of Elements max. Element Size in mm

Glottis 266000 1
Simple vocal tract 1250 3.6
Propagation region 511700 3.6

Propagation region subglottal 600 1.5
PML subglottal 600 1.5

PML propagation 217750 3.6
Total 997900 3.6

2.3.3 Boundaries
All channel walls are modeled as fully reflecting, which is justified by a sufficiently high acoustic impedance
jump between air and tissue. Two PML regions ensure free field radiation without reflection [3]; one PML is
located at the inflow in the subglottal channel and the other PML surrounds the propagation region (see Fig.
2). The PML and the propagation region are connected by a conforming interface. It should be noted though
that the lower side of the propagation region is modeled as acoustically hard wall without PML.

3 VALIDATION
3.1 Validation data
The experimental setup for generating the validation sound signal includes a mass flow generator with a silencer
installed behind it, the subglottal channel representing the synthetic trachea, the mounting device for the syn-
thetic vocal folds model, and the supraglottal channel including false vocal folds [9]. The experimental setup
is designed in human length-scale and produces aerodynamically driven vocal fold vibrations as it is the case
during normal speech.
The oscillations of the synthetic vocal fold models are flow-induced, and the vocal folds oscillate symmetri-
cally with a fundamental frequency of f0 = 148Hz. The entire larynx model has a rectangular cross-section
of 15mm×18mm, and its outlet of the supraglottal channel is located in a distance of 190mm from the vo-
cal folds. The experimental synthetic larynx model setup was multiply used and validated in previous studies
[9, 7, 10, 8].
The experimental measurements of the sound signal were carried out in an anechoic room of the Chair of
Sensor Technologies of the University Erlangen-Nürnberg. Four Brüel & Kjær 4189-L-001 (Naerum, Denmark)
1/2” microphones with spherical characters were used to measure the sound pressure. The microphones were
positioned in the far field arranged around the channel exit and inclined by 45◦ concerning the channel axis as
displayed in Fig. 3. The distance to the outlet of the supraglottal channel was 1m (see Fig. 3b). The acoustic
signal was amplified by a Brüel & Kjær Nexus (Naerum, Denmark) conditioning amplifier and finally A/D-
converted by a National Instruments AC-NI PXIe-4496 (Austin, Texas) acquisition board with a resolution of
24 bits. All acoustic signals were sampled for 60s using a sampling frequency fs = 96kHz.
For the validation of the acoustic simulation, the experimental sound data were taken from [9]. More details
about the experimental setup and measurements can be found in [9, 7].

3.2 Results and Discussion
A comparison of the amplitude spectral densities (ASD) of both the simulations and measurements is depicted
in Fig. 4. The base frequency f0 and its harmonics are very well represented in the simulations. In the lower
frequency range, not only the respective frequencies are in good agreement with the measurement results but
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(a) Top view. (b) Side view.

Figure 3. Schematic of the experimental setup for sound measurements of vibrating vocal folds. All dimensions
in m. Extracted from [7].

also the amplitudes. In the higher frequency range, the simulation results start to show deviations from the
measurements, but the frequency of the majority of harmonics of the base frequency f0 is still acceptable.
Overall, the presented results show the efficiency and accuracy of the hybrid aeroacoustic workflow applied to
the acoustic simulation of the human phonation.

4 CONCLUSIONS
In this paper, we have shown how a hybrid aeroacoustic workflow can be established for the human phona-
tion process to ensure a highly efficient simulation and accurate results. Based on CFD results obtained on a
restricted subdomain, the source terms have been calculated for the perturbed convective wave equation. In a
next step, these source terms have been interpolated to a mesh specifically suited for the acoustic propagation
simulation using a sophisticated conservative source term interpolation technique. Eventually, the results of the
acoustic propagation simulation have been compared with validation measurements. Thereby, it was shown that
the proposed simulation chain leads to accurate results.
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Figure 4. Comparison of the amplitude spectral density of the simulation results (blue) and measurement results
(orange).
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Abstract
Human speech is created in the larynx and the vocal tract. For vowels, the basic sound is generated by the
oscillating vocal folds and filtered by the vocal tract to produce the typical formants. In the present study, we
investigate the influence of the vocal tract on phonation. Based on Magnet Resonance Imaging (MRI) data, the
acoustic behavior of the vocal tract can be characterized using numerical and experimental models. However,
previous studies only analyzed single vocal tracts that were directly obtained from individuals. To investigate
the basic influence of the vocal tract on phonation, a vocal tract model is necessary that shows preferably
little individual but the typical acoustic characteristics of the specific vowel. Hence, we computed an average
vocal tract geometry based on six simplified individual vocal tracts that were extracted from MRI images of
professional tenors. The resulting vocal tract model was evaluated in an experimental setup including artificial
vocal folds. The comparison with the tenors’ vocal recordings shows that the model reproduces the acoustic
properties well. Hence, the average vocal tract model presented here is suitable for future investigations of the
influence of the vocal tract on phonation.

Keywords: voice production modeling; vocal tract acoustics; artificial vocal fold models

1 INTRODUCTION
The human voice is generated by the flow induced oscillation of the vocal folds. This acoustic primary signal,

which is composed of the fundamental frequency of the vocal fold oscillation, the higher harmonics and the

broadband sound, is filtered through the vocal tract and thus formed into the different sounds of a language [1].

The human vocal tract can in an idealized way be considered as resonator. The resonance frequencies, which

form in the vocal tract and depend on its geometry, are called formants. The first two formants are used to

distinguish the different vowels. Higher formants, on the other hand, determine the timbre of a voice [2].

Since the acoustic properties of the vocal tract are determined by its geometry, geometric data based on MRI

images are used for the characterization of the vocal tract [3, 4, 5]. For simplification, the vocal tract is often

expressed by an area function that describes the cross-sections along the centerline of the vocal tract [3]. This

simplification is valid from an acoustic point of view, since the sound propagation up to a frequency 5 kHz can

be regarded as one-dimensional [6].

As the geometry is obtained by imaging methods, previous studies are based on the data of individual subjects.

In order to investigate the influence of the vocal tract on the fluid-structure-acoustic interaction of phonation and

the radiation of sound, however, a more general model, which does not show strong individual influences, is
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necessary. Hence, the aim of the study is to create a simplified model of the vocal tract that shows preferably

little individual but the typical acoustic characteristics of the specific vowel. This is achieved by averaging over

six simplified individual vocal tract geometries based on MRI images of professional tenors.

In order to consider the influence of the flow that is present in human phonation, the vocal tract models are

investigated in an experimental setup with artificial vocal folds.

2 METHODS
2.1 Vocal tract models
The vocal tract geometries used are based on MRI images of professional tenors taken at the Institute Musicians’

Medicine of the University Hospital Freiburg by Echternach et al. [4, 7]. Based on these data, a vocal tract

model with realistic geometry and one with simplified form was created for each of the six tenors. The realistic

geometries are generated by a manual segmentation of the MRT data in the open source software 3D Slicer.

The simplified models are based on the area functions of the tenors by Echternach et al. [7] and are represented

by straight models with circular cross-sections.

In order to investigate the influence of the vocal tract on phonation and the underlying physical processes, a

more general, simplified model of the vocal tract was created in addition to the individual vocal tract models.

This averaged vocal tract geometry was calculated by averaging the area functions of the six tenor vocal tracts.

As shown in figure 1, the vocal tracts were normalized to mean length and the cross-sectional areas were

averaged.

The vocal tract models were produced using additive manufacturing methods.

Figure 1. Method for averaging the vocal tract geometry

2.2 Experimental Setup
The investigation of the acoustic properties of the vocal tract is done in an experimental setup based on the

setup by Kniesburges et al. [8, 9] and Lodermeyer et al. [10, 11], as depicted in figure 2.

It consists of a unit for providing and conditioning the airflow, an artificial larynx, a subglottal channel, and the

vocal tract replica. The artificial larynx consists of an artificial pair of silicone vocal folds that are based on

the M5 model by Scherer et al. [12] and Thomson et al. [13], from the silicone Ecoflex 30 (Smooth-On, USA)

and have a Young’s modulus of E = 4,4 kPa.
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2.3 Measurement setup and evaluation methods
The sound pressure measurements were done in an anechoic chamber with a 1/2” free field microphone Type
4189 (Brüel & Kjaer, Denmark) placed at a distance of 90 cm and an angle of 45◦ from the exit of the vocal

tract. The recorded signal was amplified with the Nexus Conditioning Amplifier (Brüel & Kjaer, Denmark) and

sampled by the multifunctional module PXIe-6356 (National Instruments, USA) with a sample rate of 44.1 kHz.

The evaluation of the measurement data and the calculation of the sound pressure level of the acoustic pressure

is done in Matlab. (Mathworks, USA). Based on the resulting spectra, the formant frequencies of the individual

vocal tracts were detected using inverse filtering.

Figure 2. Experimental setup with subglottal channel, artificial vocal folds, and MRI-based vocal tract

3 Results and Discussion
3.1 Analysis of formant frequencies
Figure 3 shows the obtained spectra of the sound pressure level for the MRI-based and simplified models of

the six subjects. Each spectrum shows the fundamental frequency, the harmonics and the broadband noise. The

comparison between the spectra of the MRT-based and simplified models shows, however, that the broadband

sound differs between the MRI-based and the simplified geometry. These differences indicate that the flow field

and the resulting flow sound in the vocal tract are changed by the simplification.

In addition, the formant frequencies, as detected by inverse filtering are marked with dashed lines in figure

3. For comparison the physiological formants that where determined from audio recordings of the subjects by

Echternach et al. [7] are marked as well. The formant frequencies are depicted in figure 4, which shows the

determined formant frequencies of the MRI-based and the simplified vocal tract model for each subject and of

the mean vocal tract model compared to the physiological formants determined by Echternach et al. [7]. For

all models four formant frequencies can be determined in the range between 50 Hz and 5 kHz. The mean

deviations of the formant frequencies from the reference values for the MRI-based models are less than 18 %

and less than 16 % for the simplified models.

However, as a vowel is not characterized by a discrete formant frequency, but varies for each individual [14],

the vowel-specific filter properties of the vocal tract are reproduced with sufficient accuracy.

3.2 Analysis of the averaged vocal tract
To analyze the vocal intelligibility of the mean vocal tract, the first two formant frequencies of the averaged

vocal tract are plotted in a formant chart, as presented by Peterson and Barney [14], together with the physio-

logical values by Echternach et al. [7], see figure 5. The comparison shows that the formants of the averaged

vocal tract differ by 10 % from the mean value of the first formants and by 3 % from the mean value of

the second formants. Despite the deviation of 10 % for the first formant frequency it can be seen, that the
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Figure 3. Sound pressure level of the MRI-based (blue) and simplified (red) models for all subjects. The

formant frequencies, as detected by inverse filtering are marked with vertical lines
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Figure 4. MRI-based and the simplified vocal tract model for each subject and of the mean vocal tract model

formants produced by the mean vocal tract are in the same frequency range as the subjects’ formants. Due to

the fact that a vowel is characterized by a frequency band, this shows that the vowel characteristics can be pre-

served. Hence, the averaging over area functions of the vocal tracts is a suitable procedure to reduce individual

influences while preserving the essential acoustic properties of the vocal tract.

Figure 5. The formant chart, according to Peterson and Barney [14] shows the formant frequencies of the mean

vocal tract compared to the physiological formants of the tenors.

4 CONCLUSIONS
In this study, the acoustic properties of the vocal tract were investigated in an experimental setup with an

artificial larynx and MRI-based and simplified vocal tract models, respectively. In addition a simplified mean
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vocal tract was generated to reduce the individual influences. The comparison with the tenors’ vocal recordings

show that the vowel characteristics can be reproduced with all vocal tract models. However, contrary to the

current literature, a change in the broadband sound level due to the simplification of the geometry is detected

if the oscillation of the vocal folds and the resulting flow are taken into account. This indicates that the

simplification of the geometry leads to a change of the flow field in the vocal tract and the resulting flow-

induced sound.

The validation of the mean vocal tract model based on the physiological reference values shows that the acoustic

properties and the given vowel sound are reproduced. Hence, the average vocal tract model presented here is

suitable for future investigations of the influence of the vocal tract on phonation.
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Abstract
Voice directivity induces variations of the sound amplitude and frequency content with the direction. Voice
directivity is important for the efficient transmission of speech and singing. Therefore, it is taken into account
by concert hall designers in order to enhance the quality of artistic performances. While in voice directivity
studies the shape of the head and the torso have long been considered to study this phenomenon, the influence
of the vocal tract shape/configuration has received very little attention. However, it has been recently shown
that the vocal tract configuration influences voice directivity through the internal acoustic field and the fre-
quency content. Within this paper, the contribution of the vocal tract to the voice directivity is characterized
through physical modelling and direct measurements on a professional classical singer. In particular, the role of
higher order propagation modes is discussed as well as changes of voice directivity due to different vocal tract
configurations.
Keywords: Voice, directivity, singing, higher order modes

1 INTRODUCTION
The directivity of speech and singing induces variations of the amplitude and the frequency content of the
radiated sound with the direction. Various measurements performed with microphone arrays on speakers and
singers show that this phenomenon increases toward high frequencies [1, 2, 3, 5].
It was also shown that the directivity patterns of the various vowels and consonants are different [2, 4, 5, 6].
Also, analyzing data within smaller frequency intervals, such as third of octave bands and even linear frequency
discretization [6] highlighted more complex changes of the directivity patterns with the frequency. Moreover, it
was shown that the internal acoustic field can potentially influence the directivity of the radiated sound above
4 kHz to 5 kHz, inducing significant changes of directivity patterns within frequency intervals of the order of
100 Hz [7].
Katz and d’Alessandro highlighted differences in directivity patterns measured with different vocal techniques
[4]. A global increase of directivity observed with the projected singing technique was attributed to an increase
of acoustic energy in the 2.5 kHz third of octave band. However, to our knowledge, no study has focused on the
potential influence of the mouth configuration on the directivity. Little speech studies compared measurements
with theoretical radiation models, and only with simple models describing the mouth as a vibrating piston.
Thus, the objective of this work is to investigate the influence of the size of the mouth opening on voice
directivity by comparing measurements and simulation. The directivity of a professional singer singing the
vowel /a/ with two different mouth configurations was recorded with a microphone array. These measurements
are compared with two theoretical models:

• a simple vibrating plane piston model set inside an infinite baffle [8],

• and the multimodal theory which allows one to take into account the potential influence of the vocal tract
as well as the radiation patterns of the higher order modes [16].

The diffraction by the head and the torso is currently not taken into account in order to focus only on the
potential effects of the mouth shape, whereas stronger influences are expected to occur only up to 2 kHz to 2.5
kHz for an average person (head and torso dimensions).
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Figure 1. a) Normal and long mouth configurations used by a singer with vertical lower lip to upper teeth
distance. b) and c), vocal tract geometries from magnetic resonance image [14] modified to simulate the b)
normal and c) long mouth configurations, respectively. The lower part of the oral cavity is rotated to match the
lower lip to upper teeth distance measured on the singer.

2 METHOD
2.1 Directivity measurement
The sound radiated by a professional female singer was recorded with a double circle microphone array consti-
tuted of 62 microphones regularly distributed on two circles in the horizontal and vertical planes [9]. The singer
was asked to sing the vowel /a/ doing a glissando with a normal mouth opening and a long mouth opening.
The long mouth opening corresponds to a lower position of the jaw which increases the vertical mouth opening
compared to the normal configuration (see Fig 1a). Lowering the jaw is a common practice in classical singing
[10]. The mouth opening was characterized with the vertical lower lip to upper teeth distance. This represents
the effective mouth opening since the upper lip is above the upper teeth and the lower lip covers the lower teeth.
The normal mouth opening corresponds to a vertical distance of about 3 cm and the long one to about 6 cm
(see Fig. 1a). The transfer functions between each point of the microphone array and a reference microphone
placed as close as possible (< 3 cm) to the singer were computed using a glissando method [11, 12].

2.2 Simulations
An initial geometry obtained by simplifying a three-dimensional geometry extracted from magnetic resonance
image [13] was transformed to approximate the different vocal tract configurations investigated. This initial
geometry corresponds to the vowel /a/ pronounced by a male speaker. It is constituted of a succession of
straight tubes with elliptical cross-sections [14].
Since the singer involved in this study was a female, the length and the volume of the oral and pharyngeal
cavity of the original geometry were adapted to female dimensions. The ratios of the average dimensions of
120 male and female subjects [15] were used to adapt the length and cross-sectional area of the sections to
female average dimensions.
The initial geometry is axis-symmetric: the centers of each section share a common axis. However, it has been
shown that this configuration is not well suited to reproduce the acoustic properties of the vocal tract above 4-5
kHz [16, 7]. Thus, 25 % and 75 % of eccentricity have been introduced in the horizontal (x, z) and the vertical
(y, z) plane, respectively. The centers of the cross-sections have been shifted toward the positive values of x
and y by 25 % and 75 % of the half width and the half height of the ellipses, respectively.
In order to adapt the mouth opening to the vertical lower lip to upper teeth distance measured on the test
subject, a downward rotation of the lower points of the cross-sections of the oral cavity has been operated.
The center of rotation was placed at the limit between the pharyngeal and the oral cavities. The height of the
ellipses was increased to match the position of the rotated points (see Figs. 1b and 1c).
The transfer functions between an input volume velocity imposed at the glottis and the acoustic pressure radiated
by the mouth was computed with the multimodal method described by Blandin et al. [16]. In order to simulate
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the vibrating piston model, the same method was used with the plane mode only.

2.3 Directivity maps
The transfer functions computed from the measurements and the simulations are presented as directivity maps
in Fig. 2. These maps present the radiated amplitude in color-scale as a function of the angular position and
the frequency. Frequency resolutions of 43.1 Hz and 10 Hz are used for the analysis of the measurements
and simulations, respectively. The amplitudes are normalized over all angular positions at each frequency by
the maximum of amplitude over the different angular positions. Since the simulations use and infinite baffle
boundary condition, it can provide data only between -90◦and 90◦(0◦corresponds to the direction normal to the
frontal plane). Therefore, the visualization of the measurements will also be limited to the same angular region.

3 RESULTS
Within this section the results of the measurements and the simulations of the two proposed methods are pre-
sented.
All the directivity maps presented in Fig. 2 show a beam which becomes narrower as the frequency increases
for the measurement and both simulation types. The directivity maps of the measurements and both simulations
in Fig.2 show an increasing main beam width as the frequency increases. This main beam is globally narrower
for the long configuration (Figs. 2d to 2f).
The measurements (Figs. 2a and 2d) and the simulation performed with higher order modes (Figs. 2b and
2e) show more complex patterns than the simulation obtained with the vibrating piston model (Figs. 2c and
2f). Abrupt changes of the direction (abrupt upward or downward shifts of the beam) and the shape of the
directivity patterns as well as localized minima occur in small intervals of the order of 100 Hz. Similar trends
can be seen both in the measurement and the multimodal simulations. In particular, in the normal configuration,
a localized minimum around 9.5 kHz and -30◦, exists both in the measurements and the multimodal simulation
(Figs. 1a and 1b). In the long configuration, similar trends can be seen around 3.5 kHz or between 5-6 kHz
in the 45◦to 90◦angular region. However, these complex variations appear only at relatively high frequency in
the multimodal simulations: from 5 kHz for the normal configuration (see Fig. 2b), and from 3-4 kHz for the
long configuration (see Fig. 2e). The measurements show more complex radiation patterns than the simulations
between 0 and 3-4 kHz.
Between 0 and 2 kHz the measurements performed in both mouth configurations are very similar. They have
the same radiation patterns, including minima and maxima evolving downward with increasing frequency. These
patterns are not seen on the simulations which show little amplitude variations in this frequency range. Small
deviations between the measurements performed with the normal and the long configurations occur between 2-3
kHz within the 0◦to -90◦angular region. More substantial differences are visible from 3kHz on.
In the measurements, from 2 kHz on, globally more energy is radiated downward (between 0◦and -90◦) in
the long configuration compared to the normal one. This is especially seen in the frequency region around 4
kHz. However, with increasing frequency the main beam direction fluctuates between being radiated upward and
downward. This trend is seen only for the experimental data and the simulations performed with higher order
modes in some frequency bands. Thus, a downward orientation of the beam is present between 3-4 kHz, 5-6
kHz, 7-8 kHz and 9-10 kHz for the multimodal simulations of the long configuration (see Fig. 2e). However,
the beam also tend to be orientated upward between 4-5 kHz, 6-7 kHz and 8-9 kHz.

4 DISCUSSION
Within this section the results obtained are discussed. Not only the proposed models are compared with each
other and the measurements, but also the differences that occur if the jaw is lowered and the distance between
lower lip and upper incisors increases by more than double the height.
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Figure 2. Normalized amplitude of the acoustic pressure radiated by a female professional singer and obtained
with theoretical models as a function of the frequency and the angular position in the vertical plane (0◦is located
in front of the mouth). a) measurement with a normal mouth opening, b) simulation of a normal mouth opening
based on the multimodal theory, c) simulation of a normal mouth opening using the vibrating piston model, d)
measurement with a long mouth opening, e) simulation of a long mouth opening based on the multimodal
theory and f) simulation of a long mouth opening using the vibrating piston model. No diffraction by the head
and torso is taken into account in the simulations.
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The plane piston model explains the general trend of a beam narrowing as the frequency increases. It also
describes the influence of the size of the mouth aperture on the main beam width: a large mouth aperture tends
to generate more focused radiation patterns. This could affect the distance impression: the source seems to be
nearer because less reverberation is heard. However, the plane piston model fails to explain the complexity of
the patterns and the global downward direction of the beam above 2 kHz.
The multimodal method allows one to extend the plane piston model by adding the propagation of the higher
order propagation modes inside the vocal tract and shows the influence on the radiation patterns. Taking into
account higher order modes allows one to reproduce complex pattern variations, but only above the cut-off
frequency of the first higher order modes (above 5 kHz and between 3-4 kHz for the normal and long config-
urations respectively). These complex patterns correspond to the radiation patterns of the higher order modes
[17, 7]. The qualitative similarities between the measured patterns and the simulated ones (abrupt transitions
and localized minima) show that the complexity observed experimentally can be, at least partially, attributed
to higher order modes above 3-4 kHz. For the long configuration, regions of high and low levels attributable
to higher order mode propagation occur around similar frequencies and angles. The patterns are not exactly
similar, which was expected as the exact vocal tract geometry is not reproduced in the simulations.
An increase of mouth opening results in a shift of the effect of higher order modes to lower frequencies as
well as an increase of their bandwidth. In fact, this is due to the larger vertical dimensions which reduce the
cut-off frequencies of the higher order modes compared to the normal configuration.
The complexity of the measured radiation patterns below the cut-off frequency of the higher order modes can be
explained by the diffraction by the head and the torso. Thus, the overall complexity of the measured radiation
patterns probably results of a combination of the effect of the diffraction by the head and the torso and the
radiation of higher order modes.
Since the experimental patterns of both mouth configurations are very similar up to 2 kHz, the effect of diffrac-
tion by the head and the torso is probably predominant in this interval. Above 2 kHz the influence of the mouth
shape probably becomes more significant and starts to influence the radiation patterns:

• first through the width of the radiation beam, related to the size of the mouth opening. In fact, the
deviation between both mouth configurations between 2-3 kHz is not predicted by the multimodal theory
because the wavelength is still large compared to the mouth opening. Therefore, it is likely that the
diffraction by the head of different width of radiation beam introduce unequal effects.

• Above the cut-off frequency of the first higher order modes, the mouth configuration substantially changes
the radiation. Since higher order modes are influenced by the shape of the mouth opening, the internal
shape of the mouth can potentially influence the radiation.

The fact that the a downward orientation of the beam can be reproduced by the multimodal simulation indicates
that the shape of the mouth can potentially influence the main direction of radiation. However, the trend is not
as clearly marked in the simulation as in the measurement. As the vocal tract of the singer has not been exactly
replicated and merely approximated and no modeling of the lips nor the head and the torso are included, it was
not expected to have an exact matching in the frequency interval of occurrence of the higher order modes. Still,
the multimodal simulations predict that a larger mouth opening changes radiation drastically above 3.5 kHz.
A significant amount of energy is radiated in the 2 kHz to 4 kHz interval which also corresponds to the
maximum of hearing sensitivity of the hear, and frequencies in the 8 kHz and 16 kHz octave bands can be
relevant for the perception of singing quality [18]. On the other hand, such changes of beam width and direction
of a sound source have been shown to be perceptually relevant [19, 20, 21]. Thus, the influence of the mouth
configuration on directivity can potentially lead to perceptible effects. On the other hand, the higher order modes
can increase the width of the beam and strongly modify its direction in some specific frequency intervals. This
could be perceptible and play a role in the naturalness of speech and singing.
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5 CONCLUSION
The measurement of the sound radiated by a professional singer shows that the use of two different mouth
configuration leads to noticeably different radiation patterns. Thus, from 2 kHz on, a more focused radiation
beam shifted downward is generated using a long mouth opening (which increases the vertical dimensions of
the mouth).
The comparison of these measurements with simulations performed with higher order modes and a vibrating
piston model shows that the general characteristics of the radiated sound can be estimated from the vibrating
piston properties. Thus, the decrease of the width of the radiation beam at high frequency and with a greater
mouth opening corresponds to the prediction of this model. However, it fails to predict the complex local
variations of the directivity patterns as well as the global angular downward shift of the radiation beam in the
case of the long mouth configuration.
On the contrary, complex local variations of the directivity patterns and downward shifts of the radiation beam
are observed both experimentally and in the multimodal simulations. However, the global downward tendency
is weaker. Accounting for the diffraction by the head and the torso and using a more realistic geometry could
help to simulate in a more realistic way the radiation of speech and singing.

ACKNOWLEDGEMENTS
Part of this research was funded by the German Research Foundation (DFG), grant no. BI 1639/7-1.

REFERENCES
[1] Flanagan, JL. Analog measurements of sound radiation from the mouth, The Journal of the Acoustical

Society of America, Vol 32, 1960, pp 1613–1620.

[2] Marshall, AH.; Meyer, J. The directivity and auditory impressions of singers, Acta Acustica united with
Acustica, Vol 58 (3), 1985, pp 130-140.

[3] Chu, WT.; Warnock, ACC. Detailed directivity of sound fields around human talkers, Technical Report,
Institute for Research in Construction (National Research Council of Canada, Ottawa ON, Canada), 2002,
pp. 1–47.

[4] Katz, B.; d’Alessandro, C. Directivity measurements of the singing voice, International Congress on Acous-
tics (ICA 2007), 2007.,

[5] Monson, BB.; Hunter, EJ.; Story, BH. Horizontal directivity of low-and high-frequency energy in speech
and singing, The Journal of the Acoustical Society of America, Vol 132 (1), 2012, pp 433-441.

[6] Kocon, P.; Monson, BB. Horizontal directivity patterns differ between vowels extracted from running speech,
The Journal of the Acoustical Society of America, Vol 144 (1), 2018, pp EL7-EL12.

[7] Blandin, R,; Van Hirtum, A.; Pelorson, X.; Laboissière, R. The effect on vowel directivity patterns of higher
order propagation modes, Journal of Sound and Vibration, Vol 432, 2018, pp 621-632.

[8] Kinsler, LE.; Frey, AR.; Coppens, AB.; Sanders, JV. Fundamentals of Acoustics, 4th edition, Wiley, 1999,
p 189.

[9] Brandner, M.; Frank, M.; Rudrich, D. DirPat—Database and Viewer of 2D/3D Directivity Patterns of Sound
Sources and Receivers. Audio Engineering Society Convention 144, 2018.

[10] Nair, A.; Nair, G.; Reishofer, G. The low mandible maneuver and its resonential implications for elite
singers, Journal of Voice, Vol 30 (1), 2016, pp 128.e13–128.e32.

1800



[11] Kob, M.; Jers, H. Directivity measurement of a singer, The Journal of the Acoustical Society of America,
1999, Vol 105 (2), pp 1003-1003.

[12] Brandner, M.; Sontacchi, A.; Frank, M.; Real-Time Calculation of Frequency-Dependent Directivity In-
dexes in Singing, DAGA 2019 Rostock.

[13] Aalto, D.; Aaltonen, O.; Happonen, RP.; Jääsaari, P,; Kivelä, A.; Kuortti, J.; Luukinen, JM.; Malinen, J.;
Murtola, T.; Parkkola, R.; others Large scale data acquisition of simultaneous MRI and speech, Applied
Acoustics, Vol 83, 2014, pp 64-75.

[14] Arnela, M.; Dabbaghchian, S.; Blandin, R.; Guasch, O.; Engwall, O.; Van Hirtum, A.; Pelorson, X. Influ-
ence of vocal tract geometry simplifications on the numerical simulation of vowel sounds, The Journal of
the Acoustical Society of America, Vol 140 (3), 2016, pp 1707-1718.

[15] Xue, SA.; Hao, JG. Normative standards for vocal tract dimensions by race as measured by acoustic
pharyngometry, Journal of Voice, Vol 20 (3), 2006, pp 391-400.

[16] Blandin, R.; Arnela, M.; Laboissière, R.; Pelorson, X.; Guasch, O.; Van Hirtum, A.; Laval, X. Effects
of higher order propagation modes in vocal tract like geometries, The Journal of the Acoustical Society of
America, Vol 137 (2), 2015, pp 832-843.

[17] Blandin, R.; Van Hirtum, A.; Pelorson, X.; Laboissière, R. Influence of higher order acoustical propaga-
tion modes on variable section waveguide directivity: Application to vowel [α], Acta Acustica united with
Acustica, Vol 102 (5), 2016, pp 918-929.

[18] Monson, BB.; Lotto, AJ.; Story, BH. Detection of high-frequency energy level changes in speech and
singing, The Journal of the Acoustical Society of America, Vol 135 (1), 2014, pp 400-406.

[19] Postma, BNJ.; Demontis, H.; Katz, BFG. Subjective evaluation of dynamic voice directivity for auraliza-
tions, Acta Acustica united with Acustica, Vol 103 (2), 2017, pp 181-184.

[20] Wendt, F.; Sharma, GK,; Frank, M.; Zotter, F.; Hoeldrich, R. Perception of spatial sound phenomena
created by the icosahedral loudspeaker, Computer Music Journal, Vol 41 (1), 2017, pp 76-88.

[21] Frank, M.; Brandner, M. Perceptual Evaluation of Spatial Resolution in Directivity Patterns, DAGA 2019
Rostock.

1801



Finite element simulation of /asa/ in a three-dimensional vocal tract using a
simplified aeroacoustic source model

Marc Arnela(1) and Oriol Guasch(1)

(1)GTM Grup de recerca en Tecnologies Mèdia, La Salle - Universitat Ramon Llull, Barcelona, Catalonia, Spain,
marc.arnela@salle.url.edu, oriol.guasch@salle.url.edu

Abstract
The numerical simulation of fricative sounds in three-dimensional (3D) vocal tracts typically involves hybrid
Computational Aeroacoustics (CAA) approaches. Unfortunately, those are very costly and require from super-
computer facilities to produce a mere few milliseconds of sound. The problem becomes prohibitive if one not
only aims at generating a single fricative, but also sequences containing both, vowels and fricatives. It then
seems wise to try to approximate somehow the flow noise sources, so that only an acoustic simulation becomes
necessary. That avoids the very demanding computational fluid dynamics step in CAA. Aeroacoustic sources
can be modeled to different levels of precision. In this work, it is suggested to follow a similar methodology to
that in one-dimensional (1D) techniques, but applied to 3D dynamic vocal tracts. Vowel sounds are produced
introducing glottal pulses at the vocal tract entrance (glottis), while monopole and dipole sources consisting of
white noise are activated in the region where a fricative sound is generated. Acoustic wave propagation in a 3D
dynamic vocal tract is simulated using a stabilized Finite Element Method (FEM) for the wave equation in mixed
form, set in an Arbitrary Lagrangian-Eulerian (ALE) framework. The sequence /AsA/ is produced as an example.

Keywords: vocal tract acoustics, Finite Element Method, vowels, fricatives

1 INTRODUCTION
Intensive research on three-dimensional (3D) vocal tract acoustics has been carried out in recent years. Vowel
sounds have extensively been studied with a large variety of models. For instance, in [1, 2] the finite element
method (FEM) was used to respectively analyze the influence of the lips and vocal tract shape on the production
of vowels, whereas in [3] finite differences were applied to study the 3D acoustics of side branches, such as the
piriform fossae and valleculae. In [4], vowel sounds were synthesized using digital waveguide mesh (DWM)
models and in [5] a multimodal theory was proposed to study the generation of higher order modes. Vowel-
vowel sequences like diphthongs have also been simulated. To that goal, it does not suffice dealing with the
propagation of sound waves within a static vocal tract, as for vowels, but one has to also consider that the vocal
tract is moving. This problem was first solved using FEM and deforming simplified vocal tracts with circular
cross-sections in [6]. It was then extended to complex vocal tract geometries based on Magnetic Resonance
Imaging (MRI) in [7]. Besides, a DWM model was recently used in [8] to deal with dynamic MRI-based vocal
tracts, but instead of distorting the computational domain accordingly, it was proposed to fix it and account for
the vocal tract dynamics through impedance variations of the computational domain.

The generation of fricative sounds is much more intricate than the production of vowels because resorting
to the linear acoustic wave equation is not enough. In the particular case of sibilant /s/, a channel constriction
is formed between the tongue and the palate, which accelerates the airflow emanating from the glottis. A
jet develops which impinges on the teeth, resulting in strong turbulent vortices that emit aerodynamic noise.
Therefore, the production of a sibilant sound is essentially an aeroacoustic phenomenon which requires solving
at the same time the flow dynamics and the sound that generates. To that purpose, one can resort to hybrid
Computational Aeroacoustics (CAA) approaches in which the incompressible Navier-Stokes equations are first
resolved and then an acoustic analogy is employed to get the sound field [9, 10, 11]. Unfortunately, that process
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is computationally very demanding and supercomputer facilities are needed to get only a few milliseconds of
sound. The production of a syllable like /sA/, or the pseudoword /AsA/, are totally out of the range of current
computers if one follows conventional CAA strategies.

In this paper, we propose an alternative for the 3D generation of /AsA/, inspired on 1D approaches (see e.g.,
[12, 13]). The key to being able to synthesize that pseudoword with a regular desktop computer consists in ap-
proximating the aeroacoustic source for /s/ and thus avoid solving the non-linear Navier-Stokes equations. Only
the linear wave equation in mixed form in a moving framework becomes then necessary to generate /AsA/. There
exist several options to simulate the aeroacoustic source for /s/. One could consist in building a quadrupole
sound source distribution based on Kirchoff’s spinning vortices that emulates Lighthill’s source term [14]. An
easier one, borrowed from 1D strategies and which we have followed herein, is that of employing monopole
and dipole Gaussian noise sources. Those are introduced immediately downstream of the constriction and in
the vicinity of the teeth. They respectively account for volume pulsations at the constriction exit and for force
fluctuations at the teeth surface.

The sequence /AsA/ has been simulated in this work using simplified 3D vocal tract geometries made of
circular cross-sections in a straightened midline. These geometries are constructed from the 1D area functions
in [15], and deformed from /A/ to /s/ and back to /A/ by means of linear interpolation, as done in [6] and [16]
for 3D and 2D simplified vocal tracts. It is worthwhile mentioning that the role of monopole sources in the 3D
production of static /s/ was recently investigated in [17] using a multimodal approach.

The paper is structured as follows. Section 2 presents the methodology proposed to simulate /AsA/ with
FEM, Section 3 shows the obtained results and, finally, Section 4 closes the paper with the conclusions.

2 METHODS
2.1 Problem statement
Acoustic waves propagating in a static 3D vocal tract can be simulated, in the corresponding computational
domain Ω, by numerically solving the acoustic wave equation in mixed form, which is nothing but the linearized
continuity and momentum equations for sound propagation in a stationary inviscid fluid,

1
ρ0c20

∂t p+∇ ·uuu= q in Ω, t > 0, (1a)

ρ0∂t uuu+∇p= fff in Ω, t > 0. (1b)

In Equation (1), p(xxx, t) stands for the acoustic pressure, uuu(xxx, t) is the acoustic particle velocity, c0 the speed of
sound, ρ0 the air density, and ∂t the partial time derivative. q(xxx, t) and fff (xxx, t) respectively represent a volume
source distribution and an external body force per unit volume. These two terms are usually set to zero in the
simulation of vowel sounds (see e.g., [3, 6]), but in this work they will be used to generate the sibilant /s/. The
irreducible wave equation is recovered as usual from (1) taking

ρ0∂t (1a)−∇ · (1b), (2)

which yields

1
c20

∂ 2
tt p−∇2p= ρ0∂t q−∇ · fff . (3)

Observe that the first and second terms in the r.h.s. of Eq. (3) respectively describe the time derivative of a
volume velocity and the divergence of a force, which are nothing else than standard monopole and dipole sound
source distributions (see e.g., [18]). Although quadrupole in nature, a proper modeling of q and fff will allow
us to emulate turbulent sources within the vocal tract, and thus mimic the sound produced by a fricative.

The next step to generate a sequence like /AsA/ is that of considering dynamic vocal tracts. This means that
the propagation of acoustic waves has to be simulated within a computational domain Ω(t) whose points move
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Figure 1. Sketch representing the articulation of fricative /s/ in the midsagittal plane (left) and the corresponding
simplified 3D vocal tract Ω (right). ΓG stands for the glottal cross-sectional boundary, ΓW for the vocal tract
walls and ΓM for a fictitious boundary that closes the vocal tract at the mouth.

at a certain velocity uuudom(xxx, t). In such a situation, the mixed wave equation (1) has to be expressed in an
Arbitrary Lagrangian-Eulerian (ALE) frame of reference that moves with Ω(t), rather than in a static one. In
particular, a quasi-Eulerian ALE approximation has been adopted in this work, in which the time derivative ∂t
is replaced by ∂t − uuudom ·∇ in Eq. (1) to account for the domain motion. This results in the ALE mixed wave
equation (see [6]),

1
ρ0c20

∂t p−
1

ρ0c20
uuudom ·∇p+∇ ·uuu= q in Ω(t), t > 0, (4a)

ρ0∂t uuu−ρ0 uuudom ·∇uuu+∇p= fff in Ω(t), t > 0. (4b)

Equation (4) must be supplemented with proper boundary and initial conditions for voice production. We
have considered the following ones (see Figure 1)

uuu ·nnn= g(t) on ΓG(t), t > 0, (5a)
uuu ·nnn= p/Zw on ΓW(t), t > 0, (5b)
p= 0 on ΓM(t), t > 0, (5c)
p= 0, uuu= 0 in Ω(t), t = 0. (5d)

Equation (5a) imposes an acoustic particle velocity g(t) on the glottal cross-section ΓG(t), so as to introduce
the sound waves generated by the vocal folds within the vocal tract. Equation (5b) emulates losses in the vocal
tract walls ΓW(t) thought the impedance Zw and Eq. (5c) considers an open-end boundary condition at the
mouth termination ΓM(t).

The finite element method (FEM) was used to numerically solve the ALE mixed wave equation (4) with
boundary conditions (5). In particular, we followed the implementation in [6], which uses subgrid scales as a
stabilization strategy for the numerical scheme.
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2.2 Simplified aeroacoustic source model
Frication noise is generated when the airflow emerging from a supraglottal constriction forms a jet that impinges
an obstacle. In the case of /s/, the obstacle are the teeth and the constriction channel is that formed between the
tongue and the palate (see Figure 1). This physical phenomenon produces volume pulsations at the constriction
exit and fluctuating forces in the vicinity of the teeth, which can respectively be related to monopole and dipole
sound sources to some extent [12]. 1D approaches typically consider them as volume velocity and pressure
sources represented by current and voltage sources in the case of transmission line circuit models [13].

In this work, these sound sources are directly considered in the acoustic wave equation. As shown in
Section 2.1, monopoles and dipoles can easily be introduced within the vocal tract through q(xxx, t) and fff (xxx, t) in
the r.h.s of the ALE mixed wave equation (4). A first approximation would be to treat them as point sources,
that is to say

q(xxx, t) = wq(t)δ (xxx), (6)
fff (xxx, t) = wwwf (t)δ (xxx), (7)

where δ (xxx) is the Dirac delta function used to locate a sound source in a particular point of the vocal tract.
wq(t) and wwwf (t) are two amplitude functions that mimic the turbulent noise generated by the two types of sound
sources. In this work they are simply approximated by Gaussian white noise. A monopole is introduced at the
constriction channel, whereas a dipole is placed at the teeth (see Figure 1).

On the other hand, note from (3) that whereas the monopole involves the scalar quantity q(xxx, t), the dipole
concerns fff (xxx, t) which is a three-component vector describing the force variation per unit volume in a 3D do-
main. The three components of fff (xxx, t) determine the dipole orientation. It is well-known from Curle’s analogy
that sound diffracted at a surface can be represented by means of a dipole distribution in its normal direc-
tion [18, 9]. Since the teeth are perpendicular to the streamwise jet flow, we have considered a dipole aligned
in that direction, as a first rough approximation. Therefore, in a simplified straightened vocal tract, only the
longitudinal component of fff (xxx, t) differs from zero.

2.3 Simulation details
The first issue we shall address to generate /AsA/ is that of defining the motion of the vocal tract geometry.
That will be based on linear interpolation between circular cross-sections set in a straight midline, whose areas
have been selected to correspond to the 1D area functions in [15] for vowel /A/ and sibilant /s/ (see Figure 1
for the geometry of /s/). For the FEM computations, an initial volumetric mesh is next generated. Rather than
being that of an /A/, the initial mesh corresponds to the vocal tract in a rest position and consists of structured
tetrahedral elements of size ∼ 0.2 cm, which discretize a circular tube of length 18 cm and radius 0.65 cm.
Starting from such initial mesh prevents from severe element distortion during the articulation process. The
initial mesh is deformed to reach the vocal tract shape of vowel /A/, it then goes to /s/ and returns back to /A/,
to complete the sequence /AsA/. For such a process, wall node coordinates xxxn+1walls are directly obtained at a
time tn+1 from the dynamic vocal tract representation, whereas inner node coordinates are computed through
diffusion. In particular, at every time step the Laplacian equation for the node displacements www(xxx, t) is solved,

∇2wwwn+1 = 0 in Ω, t = tn+1, (8a)

with boundary conditions

wwwn+1 = wwwn+1walls = xxx
n+1
walls− xxx

n
walls on ΓW, t = tn+1, (8b)

wwwn+1 ·nnn= 0 on ΓG, t = tn+1, (8c)

wwwn+1 ·nnn= 0 on ΓM, t = tn+1. (8d)
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Figure 2. Time evolution scheme for the simulation of /AsA/ showing the transition times of the vocal tract
geometries and the activation/deactivation of the glottal pulses and aeroacoustic models.

The second important point concerns the generation of the glottal pulses and aeroacoustic sound sources.
An LF model [19] has been implemented for the former to obtain g(t) in Eq. (5a). That is enhanced with a
pitch curve and some shimmer and jitter, similar to what was done in [16]. Besides, and as said before, white
noise has been used for the monopole and dipole sources q(xxx, t) and fff (xxx, t) in Eq. (4) to generate the fricative
sound, as described in Section 2.2. A single dipole has been located at 1.15 cm from the mouth in the vicinity
of the teeth, whereas the monopole has been placed just at the constriction exit, 1.85 cm from the mouth. The
strength of the three sound sources (glottal pulses, monopoles and dipoles) has been adjusted empirically to
resemble the relative levels in natural speech (see e.g., [20]).

The activation and deactivation of the glottal and aeroacoustic sources has been coordinated with the motion
of the vocal tract geometry. Figure 2 summarizes the selected time instants at which sources are switched on
and off. As observed and explained before, the initial geometry deforms to vowel /A/, then to /s/ and back
to /A/, to produce the sequence /AsA/. Each geometry is respectively sustained for 80, 150 and 120 ms, with
a transition time of 50 ms between them. One may think the same time intervals should work for the glottal
pulses and aeroacoustic sources. However, this would lead to unconnected speech resulting in mute periods. To
avoid that problem, we have followed the proposal in [20] and imposed a voicing maintenance in which glottal
pulses are activated beyond the articulation of a vowel sound. This resulted in an overlapping of the glottal
and aeroacoustic source models. Observe also in the figure that ascending and descending ramps of 20 ms are
applied when switching on and off each source model. This allows one to better emulate the onset/offset of
the glottal pulses and aeroacoustic sources. Note also that the former get deactivated 20 ms before finishing the
simulation, which allows sound waves to vanish within the vocal tract.

The FEM simulations have been performed with a speed of sound of c0 = 350 m/s and an air density of
ρ0 = 1.14 kg/m3. The wall impedance Zw is computed from the boundary admittance coefficient μ = ρ0c0/Zw,
with μ = 0.005. A sampling frequency of fs = 250 kHz has been used for the time evolution of the ALE mixed
wave equation, which ensures stability of the numerical schemes. In contrast, that rate is relaxed to 10 kHz for
moving the vocal tract as this suffices for properly capturing its dynamics. A single simulation requires about
18 hours in a regular desktop computer (Intel(R) Core(TM) i7-6700 3.4 GHz).

3 RESULTS
Figure 3 depicts some snapshots from the FEM simulation of /AsA/, acquired at t = 50,100,202,300 and 350 ms.
Each snapshot shows the mesh and the acoustic pressure on the boundaries of the vocal tract, with the color
limiting values, expressed in Pascals, adapted in each frame to enhance the visualization of acoustic waves. The
figure also presents the waveform of the sequence with the red dots corresponding to the snapshot time instants.
Observe in the figure that the vocal tract smoothly transitions from /A/ to /s/ and back to /A/, while acoustic
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Figure 3. Evolution of the acoustic pressure for the FEM simulated sequence /AsA/ with some snapshots
showing the acoustic pressure (in Pa) within the vocal tract. Each frame was acquired, from left to right,
at t = 50,100,202,300,350 ms. Red dots are plotted on the waveform to illustrate these time instants. The
spectrogram of /AsA/ is represented in the right panel (in dBs).

waves propagate inside it. This results in a smooth transition of the waveform between sounds. Moreover, the
imposed glottal pulses for the phonation of vowels are naturally mixed with the Gaussian noise of the monopole
and dipole used for /s/. In this way, we avoid performing two independent simulations, one for the glottal pulses
and the other one for the aeroacoustic sources, and then superpose the resulting pressures as sometimes done in
1D approaches (see e.g., [12]).

On the other hand, the right panel of Figure 3 shows the spectrogram of the simulated /AsA/. This has
been computed applying a preemphasis filter to enhance the higher frequencies, as typically done in speech
analysis. Observe in the spectrogram that the typical formants of vowel /A/ are generated in the first time
instants, and that these start transitioning to those corresponding to the vocal tract of an /s/. However, such
formants get smeared out when the glottal pulses are switched off and the monopole and dipole get activated
in the articulation of /s/ (see Figure 2). This produces a significant increase of energy above 5 kHz, typically
found in the production of sibilant /s/. Similar observations can be derived for the inverse transition from /s/
to /A/.

Finally, it is also interesting to analyze the role played by the monopole and dipole sources in the generation
of /s/. To that purpose, several /AsA/ sequences have been simulated varying the relative amplitudes of the
monopole and the dipole. In particular, we have considered full, half and null activation (100, 50 and 0 %) and
simulated all possible combinations that contain at least one fully operative sound source. Figure 4 presents the
power spectral densities (PSD) of all the /s/ sounds extracted from various /AsA/ simulations. The black solid
curve, to be taken as reference, represents a full activation of the monopole and dipole sources (this was the
option adopted in this work). As seen, the energy in this configuration concentrates at the high frequency range,
presenting the characteristic peak of an /s/ close to 5.6 kHz. Low frequency energy (<5 kHz) is, in average,
about 25 dB lower than the higher one, which is also within typical values for the production of sibilant /s/
(see e.g., [17]). If we next check what occurs when we deactivate the dipole (see Figure 4a), we observe that it
mainly contributes to the low frequency energy, although some small variations can also be observed for higher
frequencies. As regards the monopole (see Figure 4b), it has the opposite behavior. The monopole essentially
increases the PSD beyond 5 kHz leaving the low frequency range almost unaltered.
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Figure 4. Power Spectral Density (PSD) of the /s/ considering a full (100 %), a half (50 %), and null (0 %)
activation of the monopole and dipole sound sources. Values are normalized to the maximum value of the
configuration with monopoles and dipoles fully activated (100/100%).

4 CONCLUSIONS
In this work, a 3D FEM approach has been presented to generate voice sequences containing vowels and frica-
tives. In particular, we have focused on the generation of the pseudoword /AsA/. This involves simulating
3D acoustic waves propagating in a dynamic vocal tract. To generate them, a glottal pulse model has been
employed for the production of /A/, whereas a simplified aeroacoustic source model based on monopoles and
dipoles has been proposed for the generation of sibilant /s/. Results have shown that the spectrum of an /s/ can
be properly reproduced with the proposed approach, and that the use of both, monopole and dipole sources,
is essential to achieve this goal. The monopole mainly contributed to the high frequency range above 5 kHz,
while the dipole governed the low frequencies. Above all, the proposed methodology has allowed for the 3D
simulation of /AsA/ without needing supercomputer facilities. That would have proved impossible with conven-
tional hybrid CAA. Future works will consider a more extensive analysis of the location, strength, and spectral
content of the monopoles and dipoles, as well as the simulation of other sequences in simplified and realistic
vocal tracts.
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Abstract
Many studies on speech acoustics and production use articulatory synthesis as a framework to investigate the
relationship between articulatory gestures and acoustic features. Although supraglottal articulatory models are
available, usually built from vocal tract imaging acquisitions, glottal gestures are commonly modeled with
simple geometric primitives which do not necessarily reflect reality. This study is a first step towards the devel-
opment of a database of realistic glottal gestures which will be used to design the glottal opening dynamics in
articulatory synthesis paradigms. In the first part of this paper, we present experimental measurements of glottal
opening dynamics in VCV and VCCV sequences uttered by real subjects, thanks to a specifically designed exter-
nal photoglottographic device (ePGG). The corpus was designed to highlight the differences in glottis opening
between fricatives and stops. The existence of different patterns of glottal opening is evidenced according to the
class of the consonants. A numerical study is then used to show the influence of these patterns on the production
of sounds and on the coarticulation.

Keywords: Speech, Glottis, Consonants

1 INTRODUCTION
Glottis opening is one of the parameters which define the articulation mode. It is also an essential parameter for

exploring aerodynamic phenomena in the vocal tract with respect to the airflow. Recently, we have exploited the

glottis opening data to explore the conditions of simultaneous existence of voicing and a frication noise for the

voiced fricatives [1]. In particular, we have shown that they correspond to a production regime that is difficult

to maintain, which explains the relative rarity of voiced fricatives in languages, and the final devoicing in some

languages.

We therefore wanted to study glottis opening in a more systematic way, especially for the stops sounds. We

acquired these glottis opening data using electroglottography, a recently developed technology and, before using

this data in acoustic simulations, we first wanted to develop the acquisition methodology, and conduct evaluation

of those data for several speakers.

Glottis opening is difficult to measure directly. The direct technique is fibroscopy, which involves passing a

camera through the nostril to image the vocal folds from the top of the pharynx. This is an invasive technique,

and one additional difficulty is that the lack of light only allows a frequency of about 30 Hz to be reached.

Relative to the duration of a sound, i.e. between 50 and 100 ms for a vowel, this means that only 2 to 4 images

of the vocal folds are obtained, and this is not enough to observe transitions between opening and closing of

the glottis finely.

Fast imaging offers a much better temporal resolution (between 2000 and 4000 images per second) but the

camera is fixed at the extremity of a rigid tube and it is therefore possible to visualize the vocal folds for

vowels only. Whatever the imaging technique, it is impossible to measure the area at the glottis and only

qualitative information is available.

Finally, transillumination technique [2] provides a far better sampling frequency because a photosensitive sensor

is placed on the neck below the glottis, but is still invasive because it requires a source light to be introduced

at the top of the pharynx through the nose.
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Figure 1. Position of the emitting diods and photosensitive sensor. The subject presses each of the two diodes

against her neck.

Electroglottography [3] is a non-invasive technique which provides a quantitative information about the contact

between vocal folds, as well as fundamental frequency as a by-product. The higher the contact between the

vocal folds, the stronger the conductance. Conversely, the conductance almost stabilizes at zero as soon as the

vocal folds are separated. This means that the temporal evolution of the glottis area is not precisely known as

soon as there is no longer contact. This is an important weakness since this area has a direct impact about the

airflow in the vocal tract.

All these reasons motivated the development of the ElectroPhotoGlottoGraphy (EPGG) by Honda and Maeda [4],

which provides information on the glottis opening area without being invasive. The principle consists in inject-

ing light above the glottis and using a photosensitive sensor placed below the glottis to detect the light flow

that depends directly on the surface of the opening. To avoid, or at least limit, the influence of visible light

(natural or artificial) Honda and Maeda used infrared light. The system therefore consists of two infrared diodes

to emit light above the vocal folds and a photosensitive sensor placed below the glottis. A measuring unit and

a microphone complete the device. As can be seen in the photo, the system is much smaller than the one

developed by Birkholz et al. [5].

1.1 First experiments and settings
The operating principle is quite simple, but it remains to verify the link between the amount of light recovered

by the sensor and the surface of the glottis area, and to define an effective experimental protocol.

For the first point, Bouvet et al. [6] used a model of silicone vocal folds whose geometry is perfectly known.

A source of pressure is used to vibrate these artificial vocal folds. The EPGG system was fixed on this model.

The measurements show that the recovered light flow is an affine function of the amount of light injected at

the entrance of the vocal folds. This validates this glottis opening measurement system.

For the second point we conducted a series of experiments on several speakers in order to know how EPGG

can be used, and to know the influence of the anatomical characteristics of the speakers. The first observation

is that the orientation of the light-emitting diodes has a very important impact on the measured light flow. Their

orientation has thus to be adjusted with a good precision.

The second observation is that the vertical movement of the larynx has an important influence on the recovered

light flow since the relative position of the diodes and the sensor with respect to the glottis opening changes.

The third observation is that the measurements depend strongly on the speaker, probably because of the variety

of tissues traversed by the light, and of course their thickness. We thus investigated a number of settings
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Figure 2. EPGG signal (bottom) and acoustic signal (top) for /asa aSa afa/ and zoom on /aSa/

to optimize the quality of measurements. One of the difficulties is to ensure good contact between the light

emitting diodes and the neck. Initially we used an elastic strap band but to obtain a good contact it is necessary

that the strap is very tight which is not comfortable for the subject. Finally, we ask the subject to hold the

diodes himself or herself (see Fig. 1) which has the additional advantage of partially blocking the movements

of the larynx, and therefore of obtaining a signal with a more stable baseline.

Figure 2 illustrates an EPGG acquisition for the 3 French unvoiced fricatives /s S f/. It can be noted that the

volume of light recovered is not zero when the glottis is closed, nor is the baseline constant. As also noted by

Sawashima and Hirose [7], it seems that there are still some vibrations after the glottis opens. But contrary to

their observations, there is still a residual voicing in the signal.

1.2 Corpus design
The first experiments we carried out concerned the production of voiced and unvoiced fricatives [1] with respect

to the glottis opening strategies. The measurements made on this occasion showed that the glottis opening is

stronger for unvoiced fricatives than for all other sounds, except for breathing. Since the amount of light

depends on the position of the larynx, we looked for a way to normalize the measurements. Glottal opening

for /asa/ presents the double advantage of being sufficiently large without being the greatest opening, and stable

enough. During the construction of the corpus we therefore introduced /asa/ as a normalization sequence before

and after each item. Each utterance is thus of the following form: /asa/ item /asa/ The corpus is therefore made

up of the following items:

• VCV where V is a cardinal vowel and C belongs to {p t k b d g f s S v z Z l m n K},

• aC1C2a where V is a cardinal vowel, C1 belongs to {b d g} and C2 to {l K},

• asCa where C belongs to {b d g p t k},

• geminated stops in /pap papa/ ("pape papa"), /pat tatue/ ("patte tatouée"), /sak kaKe/ ("sac carré"), /kKab
bagaKœK/ ("crabe bagarreur"), /pad dat/ ("pas de date"), /blag gaKãti/ ("blague garantie"),

• 4 sentences of variable length.

This small corpus covers all the consonants, some of the most frequent clusters in French, especially those with

/K/, geminated stops and some sentences. The corpus has been recorded by 3 female and male French speakers.
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Figure 3. EPGG signal for /asa papa sa/, /asa kaka sa/ and /asa titi sa/

2 Analysis of glottis opening for stops
Figure 3 shows that the glottis opening is considerably smaller for unvoiced stops than unvoiced fricatives. The

complete data confirms this trend. The first explanation is that the production of fricatives requires maintaining a

turbulent flow throughout the duration of the fricative, and consequently a large opening to ensure a sufficient air

flow. On the contrary, the production of unvoiced stops only requires stopping the vibration of the vocal folds

and filling the cavity behind the constriction in order to achieve an overpressure with respect to atmospheric

pressure.

The peak of the opening is reached approximately in the middle of the segment formed by the closure and

burst, i.e. the moment during which there is no more voicing. On the 3 examples /papa kaka titi/ it can be

noted that the opening is larger for /kaka/ than /papa/, and that it is bigger for /titi/ than /kaka/. This increase

of the opening coincides with the existence of an increasingly intense frication noise following the release burst.

Overall, the same trend can be observed for /u/ and /i/ compared to /a/, i.e. a larger opening during the closure.

From the point of view of the larger glottis opening for the vowels /i/ and /u/, the tongue has to anticipate

the position it will have after the occlusion is released. The cavity volume behind the constriction is therefore

larger, and a larger opening is required to bring a sufficient amount of air. Compared to /t/ and /k/, /p/ does not

impose any constraint on the tongue, which can therefore fully anticipate its position for the following vowel.

Since the vowel /i/, and to a lesser extent /u/, are characterized by a back cavity of a larger volume than /a/

it is therefore necessary to maintain a larger opening to allow enough air to enter. The volume of air behind

the constriction, and the vocal tract shape also explains the duration of the global burst, i.e. from the transient

noise corresponding to the release of the constriction to the first voiced period.

Overall, the larger the cavity behind the constriction and the smaller the area in front of the vocal tract for the

next vowel, i. e. /i/ and /u/, the longer the burst duration for the overpressure to vanish. On the other hand, the

back cavity of /a/ is very narrow and therefore not very voluminous, which leads to a minimal burst duration,

especially for /p/ since the tongue can anticipate its back position very early.

Although the larynx moves over time, Figure 2 shows that the glottis opening is absent or very small for the

voiced stops. However, there is a small opening in the case of /didi/ which gives rise to a slight frication noise

in high frequency. The rest of the data confirms this trend.

3 Analysis of glottis opening for stops
We also acquired data for consonant clusters, especially when the second consonant is /K/. In the case of an

unvoiced stop the presence of /K/ results in a glottis opening that is much larger than that of the unvoiced stop

alone in order to produce a frication noise after the burst. The opening is almost zero when /K/ follows a voiced

stop (see Figure 5). The difference between /kKa/ and /gKa/ is therefore very strong since there is no glottis

opening for /gKa/. It turns out that the voicing mode is entirely determined by the consonant preceding /K/.
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Figure 4. EPGG signal for /asabasa/, /asagasa/ and /asa didi sa/

Figure 5. EPGG signal for /asa kKa sa/ and /asa gKa sa/

Despite this absence of opening, the vocal folds stop vibrating during /K/ in the case of /gKa/ but not in the

other voiced cases /bKa/ and /dKa/, either because the constriction is almost complete at the constriction level

/gKa/, or because the volume of the cavity before the constriction is sufficient for /bKa/ and /dKa/ to maintain a

pressure difference that allows the vibration of the vocal folds.

4 CONCLUDING REMARKS
Apart from the consonants that motivated this work, these EPGG data illustrate the speaker strategy at the level

of a sentence. The speaker begins with a breath that results in a long glottis opening. He/she then closes it

completely just before starting a voiced sound (about 100 ms) in order to reach a sufficient subglottal pressure.

There is also an almost complete closure when the sentence begins with an unvoiced fricative but the closing

gesture does not completely finish until a new opening gesture corresponding to the fricative starts. We used

those data to design the algorithm that sets the opening to the glottis for our copy synthesis experiments [8].
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ABSTRACT 

This work presents a synthetic larynx model that includes the adduction motion and the elongation of the 

vocal folds. Beside the description of the model, validation measurements and their results will be presented. 

 

Keywords: Phonation, synthetic larynx model, fluid-structure interaction 

1. INTRODUCTION 

The basic aim of synthetic larynx models is to reproduce the phonation process. Thus, we develop the 

synthetic larynx model SynthVOICE that incorporates the control of the pre-phonatory posture 

(ad-/abduction) and the elongation of the vocal folds (VFs). The aim is to reproduce the physiological and 

pathological phonation process especially dysfunctions of the muscular and nerval control such as muscle 

tension dysphonia. 

2. LARYNX MODEL 

The model is manufactured in a multistage pouring process using liquid silicone mixtures with a different 

stiffness. It is composed of a cylinder mimicking the thyroid cartilage, the VFs and five manipulator devices 

to control the pre-phonatory VF posture and tension. Both, single- and three-layer VF models can be inserted 

that are based on the M5 shape (1, 2). The pre-phonatory settings are controlled by a mechanical setup that 

exhibits seven linear and two rotational traverse tables. A Matlab script determines the appropriate 

displacements and angles of the traverse tables to move the VFs in a specific posture. 

 

Figure 1: Synthetic larynx model (left and middle) and control setup for prephonatoric vocal fold 

positioning (right). 

 

3. VALIDATION EXPERIMENTS 

To validate the SynthVOICE model, we present measurements of the oscillation threshold pressure, the 

oscillation frequency and the produced acoustic signal for different settings of pre-phonatoric VFs posture. 
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Analysis of sound source localization in an axial fan
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Abstract
Numerical analyses of the tip vortex system of a ducted axial fan are conducted by a hybrid fluid-dynamics-
acoustics method. First, large-eddy simulations are performed to investigate the dynamics of tip clearance flow
for various tip-gap sizes and to determine the acoustic sources. The simulations are performed for a single
blade out of five blades with periodic boundary conditions in the circumferential direction on a multi-block
structured mesh with 140×106 grid points. The turbulent flow is simulated at a Reynolds number of 9.36×105

at undisturbed inflow condition and the results [1] are compared with experimental data [4]. The results show
that increasing the tip-gap size results in various vortices in the tip-gap region, i.e., tip-leakage, separation, and
induced vortices, which enlarge the diameter and the strength of the main tip vortex. For the largest tip clearance,
spiral vortex breakdown occurs at the design operating condition. Second, the acoustic field on the near field is
determined by solving the acoustic perturbation equations (APE) [3] on a mesh for a single blade consisting of
approx. 1060×106 grid points. The results show that the larger the tip gap size the higher the broadband noise
level [2]. Detailed results will be presented at the conference.

Figure 1. Front view of the flow configuration of an axial fan (left), iso-surface of the instantaneous λ2-criterion
visualizing the vortical structures of the flow field with mapped on relative Mach number distribution (middle),
and the instantaneous acoustic pressure distribution for the tip-gap size of s/Do = 1% (right) [2].
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Prediction Methodology of Broadband Noise from a Cooling Fan 
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ABSTRACT 
The experimental prediction methodology of the fan noise as the first step to organize the blade 
elementary angular momentum theory is proposed. For the prediction equation of the broadband noise, 
the theory on the acoustic radiation from airfoil with turbulent boundary layer  is applied. The 
broadband noise of the cooling fan is predicted experimentally by using the measured flow regime in 
the wake of the actual fan based on the results of wind tunnel test on the aerodynamic noise of a flat 
plate. The prediction by the suggested methodology could explain the reduction of the broadband 
noise in the low frequency domain in the operation point of the cooling fan is the effect of the 
reduction of the wake vortex noise made by the pressure side separation.  
 
Keywords: Broadband Noise, Blade Element, Wind Tunnel, Low Pressure Fan 

1. INTRODUCTION 
Propeller fans are used as a cooling fan for the heat exchangers in HVAC systems (heating, 

ventilation, air conditioning, systems). For example, in recent years, the R & D of the small output 
Organic Rankine Cycles using a low-grade heat source such as hot spring water has been promoted 
(1). In this cycle, the low boiling point refrigerant such as R245fa is used as the working fluid;  the 
cooling fan is used for condensing the working fluid. Because the cooling fan in the HVAC system 
cools the heating device by its own velocity, it has no duct and is almost no increase the static pressure 
of the fan. Under such conditions, in the case of the low solidity impeller, the flow passing through 
the blade can be handled as two-dimensionally. 

The blade element momentum theory (BEM) is the theory which is handled the flow passing 
through the blade element in two dimensions (2). The theory has been practical used to calculate the 
local forces on the blade on the wind turbine (3). Even in the case of the wind turbine, the static 
pressure rise of the flow passing through the impeller is small. It makes possible to handle the flow 
around the blade elements as a simplified two-dimensional flow. Author predicted the broadband noise 
generated from a horizontal axis wind turbine based on BEM by applying the characteristics of the 
two dimensional flow (4). An analytical model proposed by M. Roger and S. Moreau was used for the 
base principal to predict the broadband noise (5). However, there are some difficulties in the handling 
of the radiation integral and statistical pressure fluctuation model in the practical using for the des ign 
of the fan. T. Fukano et al., proposed the prediction theory on the aerodynamic noise generated from 
an axial fan with the wake characteristics of the impeller (6); however, the theory cannot express the 
spectral distribution of the broadband noise because the overall noise level is predicted. 

By the way, the cooling fan in the HVAC system is also small static pressure rise, so it makes 
possible to replace the flow in the blade elements as the two-dimensional flow. In the case of the 
design for the impeller of the fan, the theoretical total pressure based on velocity triangle and their 
angular momentum is used as the basic principal. If the principal of the velocity triangle and angular 
momentum is applied to fan noise prediction, it is possible to predict fan noise by the blade ele ment 
theory. Therefore, in this study, the methodology to predict the fan noise experimentally based on the 
measurement of the wake as the first step to organize the blade elementary angular momentum theory 
is proposed. For the prediction equation of the broadband noise, the theory suggested by B. D. 
Mugridge which is acoustic radiation from airfoil with turbulent boundary layer is applied (7). In the 
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suggested methodology, the broadband noise of the cooling fan is predicted experimentally by using 
the measured flow regime in the wake of the actual fan based on the results of wind tunnel test on the 
aerodynamic noise of a flat plate. 

2. EXPERIMENTAL SETUP 

2.1 Experimental Apparatus  
The wind tunnel for the measurement of the properties of the flap plate is shown in  Fig.1. The size 

of the square nozzle is 100mm. When the Reynolds number is approximately 2.0 × 105, the turbulence 
of the main flow within the measurement region is less than 0.5%. The leading edge of the blade is 
set at 100 mm downstream from the nozzle exit. A 1/2-inch microphone (Ono-Sokki, LA-4350) is set 
at a distance of 0.5 m from the trailing edge; the angle between the main flow and the microphone is 
90°. The signal from the noise level meter is sent to the FFT analyzer (Ono -Sokki, CF5210), and the 
frequency response characteristics of the noise are analyzed. In this measurement method, we discuss 
the far field noise properties than the wave length of the point sound source without take into account 
of the directivity. The blade chord is 40mm, the span length is 100mm, the thickness is the 2mm. The 
angle of attack is defined as the angle formed by the center line of the blade and the stream line of the 
main flow.  

 

 
Fig. 1 Experimental setup of the wind tunnel test for the flat plate 

 
In Fig. 2, the schematic diagram of the test bench for the estimation of the fan performance  is 

shown. The diameter of the impeller is 613 mm, the hub ratio is 0.424 and number of blades is 14. 
The height and width of the duct are 1 m each, while its total length is approximately 4 m. The dynamic 
pressure is measured 600 mm upstream of the impeller disc using a Pitot tube. From the results of the 
velocity distribution for the estimation of the flow rate, the flow coefficient was found to be 0.842. 
The flow rate is deduced from the dynamic pressure. It is controlled by an adjustable throttle at the 
duct exit. The static pressure of the fan is measured 400 mm upstream of the exit. The rotational speed 
of the driving shaft is 1200 rpm. I measured the shaft torque of the motor using a torque meter (Ono-
Sokki; SS-500), and the efficiency of the fan was estimated based on the ratio of shaft power to 
theoretical power. The normalized characteristics of the fan are summarized as follows; 

2 2 2 2 2 3

24 8, , ,
(1 ) (1 )

s s
s

PQ L
D U U D U

 (1) 

where the φ is the flow coefficient, ψs is the static pressure coefficient, λ is the power coefficient, and 
η is the efficiency. A 1/2-inch microphone (Ono-Sokki, LA-4350) is set at distance of 1.0 m from the 
impeller inlet on the rotational axis of the impeller. The frequency response of the measured fan noise 
is provided by a Fast Fourier Transfer analyzer (Ono Sokki, CF5210).  
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(a) measurement for the aerodynamic characteristics    (b) measurement method for the noise 

 
Fig. 2 Schematic diagram of the test bench for the estimation of the fan performance  

  
In Fig. 3, the measurement method of the flow regime in the wake of the impeller is shown. The 

wake of the impeller is measured by an X type hot-wire probe (KANOMAX, 0249R-T5). The X type 
hot wire probe can measure the simultaneously the two velocity components. The hot -wire probe is 
attached to the traverse machine; the arbitrary flow field is measured by controlling the stepping motor. 
The flow regime near the blade tip is measured 160 mm in the mainstream directions and 240 mm in 
the radial directions. The measurement position of the wake is 5mm behind the trailing edge of the 
blade. 
 

   
Fig. 3 Measurement method of the flow regime        Fig. 4 Velocity triangle in the wake 
 

2.2 Prediction Methodology of Broadband Noise 
In Fig. 4, the velocity triangle in the wake of the impeller is explained. The X type hot-wire probe 

can measure the axial velocity component vz of the absolute velocity and the circumferential velocity 
component vθ. Then, the absolute velocity and the absolute outflow angle are given by equation (2). 

2 2
xv v v  , 1tan xv

v
 (2) 

At this time, the relative velocity w and the relative outflow angle β become Equation (3). 

2 2 2 cosw u v u v  , 
2 2 2

1cos
2

u v w
uw

 (3) 

When the setting angle θ of the impeller is known, the outlet deviation angle δ is expressed as follows; 
 (4) 

where, the angle of the pressure side is defined as positive. According to reference (7), the sound 
power radiation by a number of flat plate or airfoils, each having a surface pressure distribution caused 
by the turbulent boundary layers, may be written as; 

Damper

Torque
Meter

Impeller

MotorStrut

1.0 m

1.
0 

m

4.0 m

D 613 mm
Z 14
ν 0.424

Damper

Torque
Meter

Impeller

MotorStrut

Noise
Level
Meter

1.0 m

24
0

160

Traverse 
machineMain flow

r = 230mm

x

y

α β

u

v
w

+δ

θ
vz

vθ

1822



 

 

3

0

( ) , 1 / 0.4 ; ; 1/14
6 pp

dE N L w c M b M
d a

1 //1 //1 /  (5) 

where, E is the sound power, N is the number of blades, L is the span of the blade element, w is the 
relative velocity, φpp is the wall pressure spectrum density. The statistical wall pressure spectrum 
density suggested by B. D. Mugridge is given as; 

3 2 3 0.210 , 0.093pp ew c R0.090.090.09  (6) 

where, δ is the boundary layer displacement thickness. The boundary layer displacement thickness is 
evaluated by the exponential law. The ratio on the sound pressure p2 of the measured value of the 
model in the wind tunnel test to the target value of the blade element in the actual fan is given by; 

3 22 2
2

2 2
0

( ) 4,
( ) 2 3 cos

pp oo o o o m m

m m m m o o pp m

p N L w r E r p
p N L w r a

E
2 3

 (7) 

where, subscript m is the model value, o is the objective value of the blade element for the target fan. 
In the case of the noise level, since decibel notation is common, let me express equation ( 8) as 
logarithm. 

10 log 10log 30log

( )
10log 20log 10log

( )

o o o
p o p m

m m m

pp om m

o o pp m

N L wL L
N L w

r
r

 (8) 

In the experimental analysis of the broadband noise using this methodology, the target noise level of 
the fan can be predicted by the model size and test condition in the wind tunnel test and the scale and 
driving condition of the actual fan. 

3. RESURLT AND DISCUSSION 
In Fig. 5, the aerodynamic characteristics of the fan is shown. The highest efficiency point of this 

fan is φ = 0.3. The operating point of the cooling fan is set to φ = 0.43, which is close to the 
atmospheric pressure. The characteristics of the sound pressure level of the fan is presented in Fig. 6. 
The fan noise at the operating point of the cooling fan was 0.8 dB greater than that at the highest 
efficiency point.  

 

   
Fig. 5 Aerodynamic characteristics                 Fig. 6 Noise characteristics 

 
The spectral distribution of the fan noise at the highest efficiency point and the working point  is 

compared in Fig.7. The fan noise at the operating point was increased by 0.8 dB; however, it is the 
influence on the discrete frequency noise synchronized with the blade passing frequency; whereas, 
we can notice the sound pressure level of the operation point in the domain lower than 200 Hz became 
clearly low than that of the maximum efficiency point. In Fig.8, the distribution of absolute velocity 
in wake measured by the hot-wire anemometer is shown. The absolute velocity is distributed in the 

0.1 0.2 0.3 0.4 0.50

0.1

0.2

0.3

0.4

0.5

0

0.2

0.4

0.6

0.8

 , 

 
 
 

N = 1200 rpm
Z = 14

=0.3 =0.43

ψ η

λ

0.1 0.2 0.3 0.4 0.570

80

90

100

110

L p
 , 

dB

N = 1200rpm
Z = 14

 = 0.3  = 0.43

88.8 dB 89.6 dB

1823



 

 

axial direction of the impeller. This result indicates that the direction of the momentum of the wake 
flow is directed in the axial direction; in particular, the velocity distribution gives the information that 
the two-dimensional flow field is formed in the area of a mid-span. 

 

            
 

Fig. 7 Spectral distribution of the fan noise       Fig. 8 Velocity distribution in the wake 
 

The flow regime of the impeller in the wake measured by the hot-wire anemometer is presented in 
Fig. 9. The operating point is the maximum efficiency point.  In Fig. 9(a), the relative velocity in the 
vicinity of the blade tip becomes the high velocity.  In Fig. 9(b), the distribution of the deviation angle 
indicates that the relative flow is separated to the way of the pressure surface side over the wide span 
range of the impeller. The deviation angle is the equivalent scale to the angle of attack in the wind 
tunnel test. The angle in the domain of the high relative velocity is about 20 °.  

 

   
              (a) relative velocity                       (b) deviation angle 

 
Fig. 9 Flow regime in the wake of the impeller 

 
In Fig. 10, the characteristics of the sound pressure level of the flat blade is presented. The 

horizontal axis is the angle of attack; the vertical axis is the sound pressure level. The negative angle 
is the situation that the noise is measured from the suction side, whereas, the positive angle is 
measured from the positive pressure side. The spectral distribution of the sound pressure level of the 
flat blade is shown in Fig. 11. The angle of attack is 20 °. The thin solid line in the figure is the spectral 
distribution of the background noise of the wind tunnel. The thin solid line is the background noise of 
the wind tunnel. In the case of the flat plate with the chord length of 40 mm, the thickness of the shear 
layer is approximately 28 mm (D = 40 sin α + 2). At this time, if Karman vortex street is formed in 
the wake, the vortex shedding frequency becomes approximately 214 Hz ( f= St U / D) according to 
the Strouhal number relation. The noise of the flat plate increases in the frequency domain of 100 Hz 
to 400 Hz. 
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Fig. 10 SPL characteristics of the flat plate          Fig. 11 Spectra of SPL of the flat plate 

 
In Fig. 12, The measured broadband noise of the fan is compared with the predicted one.  The 

predicted broadband noise level was more than 10 dB higher than the measured value; this result 
indicates that the impeller itself becomes an acoustic impedance. The predicted broadband noise could 
represent the tendency of the measured value. From the results in Fig. 11, it is recognized that the 
reduction of the broadband noise in the low frequency domain in the operation point of the cooling 
fan is the effect of the reduction of the wake vortex noise made by the pressure side separation.  

 

 
Fig. 12 Comparison on the measured SPL spectra with the prediction  

4. SUMMARY 
The sound pressure level of the operation point of the cooling fan became decrease than that of the 

maximum efficiency point in the domain of the low frequency. The relative flow is separ ated to the 
way of the pressure surface side over the wide span range of the impeller in the maximum efficiency 
point. The prediction methodology on broadband noise of the fan could represent the tendency of the 
measured value. The prediction by the suggested methodology could explain the reduction of the 
broadband noise in the low frequency domain in the operation point of the cooling fan is the effect of 
the reduction of the wake vortex noise made by the pressure side separation.  
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Abstract
In today’s product development, the behavior of technical applications including rotating components (e.g., ra-
dial or axial fans) is increasingly important. Especially the noise emission is a major challenge to be handled by
the manufacturers. Alongside expensive experimental investigations, reliable numerical simulations to predict
the flow induced noise are gaining more and more importance. The paper will present first numerical results of
an axial fan benchmark case. A simplified model of the experimental setup is used for a scaleadaptive CFD sim-
ulation. Based on incompressible CFD results, the acoustic quantities are modeled by a finite volume approach,
which has been developed in the software framework OpenFOAM R©. Different hydrodynamic/acoustic splitting
methods are used to investigate the flow induced noise including the rotating domain of the fan. Special focus
is placed on velocity terms and their influence onto aeroacoustic source and wave propagation effects. For this
purpose, different hydrodynamic/acoustic splitting methods are analyzed and reformulated. The resulting sound
fields are computed and interpreted based on the theoretical assumptions. Finally, the computational effort in
the finite volume framework is discussed and the results are compared to experimental data.
Keywords: CAA, HAS, axial fan

1 INTRODUCTION
The numerical prediction of flow induced vortex sound in the low Mach number range including rotating do-
mains demands high accuracy and efficiency. Using hybrid methods like the hydrodynamic/acoustic splitting
(HAS) gives one possibility to apply Computational Aeroacoustics (CAA) in a two-step approach. Starting
with an incompressible Computational Fluid Dynamics (CFD) simulation, the acoustics is defined as compress-
ible perturbations. As there are various methods including different theoretical derivations and assumptions, the
application of the most suitable method considering accuracy and efficiency is oftentimes case dependent.
In this paper an axial fan benchmark case by Zenger et al. [1] is investigated numerically, which includes
the necessity to discretize and model a rotating domain. Motivated by the Mach number scaling laws from
Moon [2], velocity terms and their influence onto aeroacoustic source and propagation effects is focused by the
application of different HAS approaches. First, a short introduction to the benchmark case is given. In addition
to three well established HAS approaches, a new modified wave equation formulation is introduced in the theory
chapter. The numerical simulation setups summarizing the important simplifications are presented for CFD and
CAA each. Based on the experimental data obtained from the benchmark [1], the numerical flow results are
presented and discussed. Finally, the sound fields computed by different HAS approaches are compared and
investigated. In this context, the newly introduced wave equation formulation shows consistent and promising
results. Summarizing the main features of the investigations, a conclusion and an outlook are given.

2 AXIAL FAN BENCHMARK CASE
The low pressure axial fan benchmark case for aeroacoustics by Zenger et al. [1] is used for numerical in-
vestigations. It includes a variety of experimental data for the flow as well as for the induced acoustics and
is designed to generate low Mach number vortex sound. The fan with 9 blades and a diameter of 495 mm is
placed into a short duct, which connects the anechoic inlet chamber with the pressure outlet side including the
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electric drive. The volumetric flow rate is tuned to 1.4 m3/s and the revolutions per minute n = 1486 min−1

lead to a blade passing frequency (BPF) of 225 Hz (for further details see [1]). First numerical investigations
were successfully done by Junger et al. [3], who showed good agreement between their prediction and the
experimental data. Therefore, some ideas and model assumptions in the present investigation are based on [3].

3 HYDRODYNAMIC/ACOUSTIC SPLITTING
The disparities of scales in CAA can be handled by separating the physical phenomena in hydrodynamics and
acoustics. For this purpose the pressure p, the velocity u and the density ρ are split via

p = pic + pa, u = uic +ua, ρ = ρ0 +ρ
a, (1)

into an incompressible flow part �ic and a compressible acoustic part �a, which are modeled in two separate
simulations using a one-way coupling from incompressible CFD to induced aeroacoustics.

3.1 Acoustic perturbation equations
The acoustic perturbation equations (APE) by Ewert and Schröder [4] are formulated for different flow condi-
tions including various sound source mechanisms and coupling effects. Especially for low Mach number vortex
sound, the second variant is preferable and termed APE-2. Combining the three original equations using the
homentropic change of state ρa = c2

0 pa with the constant speed of sound c0 leads to [5]

∂ pa

∂ t
+ ūic ·∇pa +ρ0c2

0∇ ·ua =−∂pic

∂ t
− ūic ·∇pic, (2)

ρ0
∂ua

∂ t
+ρ0∇

(
ūic ·ua

)
+∇pa = 0. (3)

Eqs. (2) and (3) describe the formation and propagation of flow sound influenced by a time mean velocity field
ūic. The dominant source term is given by the time derivative of the incompressible pressure (see Eq. (2)).

3.2 Perturbed convective wave equation
Based on Eqs. (2) and (3), Hüppe derived the Perturbed Convective Wave Equation (PCWE) [5]. Introducing
the scalar acoustic potential ψa defined via

ua =−∇ψ
a, (4)

the PCWE reads [5]
D2ψa

Dt2 − c2
0∆ψ

a =− 1
ρ0

Dpic

Dt
, (5)

where the substantial time derivative is given by

D
Dt

=
∂

∂ t
+ ūic ·∇. (6)

Since no additional assumptions are introduced in the derivation, Eq. (5) describes the same aeroacoustic phe-
nomena as the APE-2 including the identical aeroacoustic source term. Note that the APE-2 as well as the
PCWE are very efficient as only the incompressible pressure has to be updated in time from CFD to CAA. The
velocity vector ūic is constant in time. This, however, restricts the application to problem definitions, where the
fluctuations of uic have negligible influence on the acoustics.

3.3 Linearized perturbed compressible equations
Seo and Moon derived an HAS approach, starting from the compressible Navier Stokes equations including the
energy equation and the ideal gas law, termed Perturbed Compressible Equations (PCE) [6]. More stable and
restricted to pure acoustics, they linearized the PCE for low Mach number vortex sound and called it LPCE [7].
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3.3.1 Original system of equations
Defined for aeroacoustics including the isentropic exponent γ , the LPCE read [7]

∂ρa

∂ t
+
(

uic ·∇
)

ρ
a +ρ0 (∇ ·ua) = 0, (7)

∂ua

∂ t
+∇

(
ua ·uic

)
+

1
ρ0

∇pa = 0, (8)

∂ pa

∂ t
+
(

uic ·∇
)

pa + γ pic (∇ ·ua)+(ua ·∇) pic =−Dpic

Dt
, (9)

where the substantial time derivative is defined by

D
Dt

=
∂

∂ t
+uic ·∇. (10)

Comparing the APE-2 and PCWE with Eqs. (7) - (9), the main differences can be identified in the coupling of
acoustics and the velocities from CFD. Furthermore, the instantaneous velocity uic is introduced in the LPCE,
which also changes the definition of the substantial time derivative in Eq. (10). This leads to additional effort
in noise prediction but improves the physical modeling.

3.3.2 New modified wave equation formulation
Based on the idea of Hüppe [5], a new convective wave equation formulation in the form of [8] is introduced
for the LPCE [7]. As Eqs. (7) - (9) explicitly exclude all non-acoustical modes, the introduction of the acoustic
scalar potential is valid. Inserting the relation given in Eq. (4) into Eq. (8) and using the instantaneous velocity
field from the CFD (see Eq. (10)), gives

pa = ρ0
∂ψa

∂ t
+ρ0

(
uic ·∇

)
ψ

a Eq.(10)−→ pa = ρ0
Dψa

Dt
. (11)

As it can be seen from Eq. (11), pa is given by the time derivative of ψa scaled by ρ0. To reformulate the
density equation, Eq. (4) is introduced to Eq. (7) via

∂ρa

∂ t
+
(

uic ·∇
)

ρ
a = ρ0∆ψ

a Eq.(10)−→ Dρa

Dt
= ρ0∆ψ

a. (12)

Equation (12) clearly shows the relation of ρa as time integral of the scaled laplacian of ψa. Finally, inserting
the acoustic potential from Eq. (4), using the relation from Eq. (11) into Eq. (9), and introducing the substantial
time derivative from Eq. (10) gives

D2ψa

Dt2 − γ
pic

ρ0︸︷︷︸
I

∆ψ
a− 1

ρ0
(∇ψ

a ·∇) pic︸ ︷︷ ︸
II

=− 1
ρ0

Dpic

Dt
. (13)

The wave equation formulation reduces the LPCE to a very compact scalar form. Influenced by the instanta-
neous flow field from the CFD, all source and propagation effects from the underlying LPCE are included and
the sound pressure can be post processed from ψa. Optionally, the acoustic density can be included via an
additional time integration. Comparing the PCWE from Eq. (5) with Eq. (13), term I is different in the formu-
lations and term II is an additional coupling term from LPCE. More detailed, term I can be transformed via the
ideal gas law into the speed of sound c depending on time t and space x (term I = c2(x, t)). In summery, the
main differences of the wave equations are caused by the velocity definitions and the coupling effects between
flow and acoustics (see term II).
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4 NUMERICAL SIMULATIONS
The numerical simulations are performed with the Finite Volume Method (FVM). Based on the open source en-
vironment OpenFOAM R© (v1712), the standard CFD utilities are used for the flow simulation. The aeroacoustics
is modeled by a solver, which is introduced in the same software framework [9].

4.1 Fluid dynamics
A scaleadaptive unsteady Reynolds averaged Navier Stokes (uRANS SAS) simulation is performed for a sim-
plified model of the axial fan using a k−ω−SST SAS turbulence model. The mesh includes ≈ 12 mio. cells
neglecting all parts beneath the axial fan, the duct and the chamber walls from the experiment. The near wall
resolution is done in an adequate way for the geometry without special wall layer treatment. This yields to
y+-values for the rotor and the inner duct of y+ ≈ 5. For the remaining walls adaptive wall functions are used.
Both chambers are connected by the duct, which includes a rotating mesh domain surrounding the rotor of
the fan (see Figure 1). To couple the rotating mesh domain with the static mesh domains of the chambers, a
sliding mesh technique via an Arbitrary-Mesh-Interface (AMI) [10] is applied. The boundary conditions are set
by a uniform inflow velocity at the inlet, no-slip conditions at the walls and typical outflow conditions at the
outlet. All system parameters are based on the experimental data [1]. To yield statistical results, the simulation
is initialized and tuned with 14 revolutions. The final evaluation and the data export for acoustics includes 3.2
revolutions of the fan and a time signal length of Tsim = 0.13 s.

4.2 Aeroacoustics
To predict the induced aeroacoustics, different HAS approaches and the CFD results are used. The acoustic
model is shown in Figure 1 and the mesh is designed for frequencies up to 700 Hz discretized with at least
10 points per wavelength. The chambers are extended in size including numerical damping zones for acoustic
free field conditions and the rotating domain of the fan is congruent with the CFD rotating domain part. This
leads to an acoustic mesh with ≈ 4.5 mio. cells. Like in the CFD model, the interfaces and the interpolation
between static and rotating domains are handled via AMI [10]. All source fields are interpolated with a cut
cell volume weight approach in space and a seventh order spectrally optimized scheme in time [11]. The
time integration is performed with a storage optimized low dispersion and dissipation Runge-Kutta scheme of
fourth order (LDDRK-45). The solver is developed for applications including rotating domains [9] and was
successfully verified and used in previous publications [12]. As a consequence of the simplified model, the
anechoic behavior of the wall that separates the inlet and the outlet chamber is not included (see Figure 1).

Figure 1. Schematic two dimensional sketch of the simplified CFD and CAA domains.
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5 RESULTS
To discuss the complete numerical prediction of the fan aeroacoustics, the flow and the acoustic simulation
results are presented separately in the following.

5.1 Flow results
The incompressible simulation of the turbulent flow leads to a static pressure difference between the chambers
of ∆pic

mean = 123 Pa, which is in accordance with the experimental data ∆pexp
mean = 126.5 Pa. As the angular

velocity of the fan and the inflow velocity are fixed by the design parameters, no investigations are needed
for them. Evaluating the axial mean velocity distributions in radial direction inside the duct gives a more
detailed view (see Figure 2). On the suction side in Figure 2a, the SAS results show a good agreement with
the experiment except for the near wall region of the duct (r/rduct > 0.95). On the pressure side in Figure 2b,
big differences between simulation and experiment are observable, which are caused by the geometric model
simplifications. As only the fan without additional drive or shaft is present, no blockage effects can occur.
Nevertheless, the main characteristics of the experiment are modeled by the SAS simulation. To detail the near
wall regions, the wall pressure inside the duct is evaluated at four probe locations in Figure 3. The probe
numbers in brackets refer to the numbering from [1]. The experimental reference for Texp = 30 s is given in
black and subsignal evaluation with Tsim = 0.13 s is plotted in gray for comparison to numerical SAS results,
which are also given for Tsim each. All power spectral density (PSD) over frequency plots show the dominating
influence of the blade passing effects. At first sight, the numerical results are in the same order of magnitude
as the experimental measurements. Starting at probe 2 in the inlet region of the duct, the BPF at 225 Hz and
its second harmonic are slightly over predicted in amplitude by the SAS. The general decay of the power is
modeled with acceptable tolerance until frequencies f ≈ 1000 Hz. However, investigating the first subharmonic
peak shows a frequency shift and over prediction by the SAS. This behavior is strongly included in the solution
of the SAS and also present at the outlet of the duct, where it is not expected from the experiment (see Figure
3d). As the subharmonic effects are known to be very important for the induced sound in this case [1], the
influence is discussed in the following section. Evaluating the probes 7 and 8 in the tip gap region changing
from suction to pressure side, shows the dominating periodicity effects of the passing blades. Despite the over
estimation in Figure 3b, the global trend and the BPF orders are modeled by the SAS in a tolerable way.
In summery, the fluid flow generated by the axial fan can be approximated by the present SAS simulation.
Despite the very coarse spatial discretization and the use of turbulence models, the main characteristics and
qualitative effects can be predicted. However, the detailed estimation of the quantitative results shows the need
for a more precise CFD model. As the CFD results are used for the computation of induced aeroacoustics,
these facts are part of the final discussion.
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Figure 2. Time averaged velocity profiles inside the duct (radius of the duct rduct = 250 mm).
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(b) Suction side (probe 7).
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(c) Pressure side (probe 8).
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(d) Pressure side (probe 14).

Figure 3. Wall pressure probes inside the duct.

5.2 Acoustic results
The acoustics are simulated based on the CFD results. A snapshot of the near fan region is depicted in Figure
4a. The sound waves, originating from the fan inside the duct, propagate into the inlet as well as the outlet
chamber. Different qualitative characteristics can be identified for both chambers, which are caused by the sound
source distribution. The iso-surfaces in Figure 4a show the source term of the PCWE. More detailed investiga-
tions confirm that the dominant sound sources are occurring at the suction side of the fan, spatially concentrated
around the leading edges of the fan blades and in the wake of tip gap flow effects hitting the following blade
profiles. In agreement with the findings from [1] and [3], these source mechanisms are associated with the BPF
and the even more important subharmonics of the BPF. To compare the numerical results for different HAS
approaches, time signals of the sound pressure are depicted in Figure 4b. The probe location is placed at the
mid-line of the duct inlet area inside the hydrodynamic source region. The comparison of the results shows that
the qualitative behavior is nearly identical for all approaches. The two HAS systems APE-2 and LPCE quantify
the sound pressure in the same way. This is also true for the two wave equations, namely the PCWE and the
wave equation formulation of the LPCE. All time signals in Figure 4b clearly include harmonic components,
which can be associated with orders of the BPF or subharmonic parts. Both curve trends, associated to HAS
system or wave equation, only partially vary in the form of time dependent amplitude shifts. As these phenom-
ena are observable for the whole simulation time including positive and negative shifts, a unique quantitative
statement is not possible yet. Additional investigations via frequency domain transformation of the time signals
completely shade these differences and make them unidentifiable. As a consequence of the derivations of the
HAS approaches, the numerical results for the present benchmark case only differ in the source region as identi-
fied in Figure 4b. Extending the evaluation to the microphone positions inside the anechoic inlet chamber gives
the possibility to discuss the acoustic results. Figure 5 shows different PSD results for the microphones 4 and
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5 from the experiment [1]. As all HAS approaches give nearly identical results, only the two wave equations
and the experimental data are depicted in Figure 5. Comparing the numerical results, the introduced wave equa-
tion formulation of the LPCE shows its applicability and consistency by predicting the induced aeroacoustics
in agreement with the PCWE. As the same numerical setup and CFD data is used for both simulations, this
verifies the approach. The comparison of the numerical results with the measurement data in Figure 5 shows
good accordance in the global trend. Blade passing subharmonic tonal components dominate the spectra and
the frequency shifts are in common with underlying CFD results (first subharmonic at ≈ 315 Hz instead of
340 Hz). Directly in front of the duct, the numerical results meet the experiment well until the upper mesh
frequency of 700 Hz and the BPF itself is invisible (see Figure 5a). Especially for microphone 5, the incorrect
flow effects of the first subharmonic from CFD result in over prediction of the amplitudes (see Figure 5b).
Comparing the amplitude overshoot in wall pressure (see Figure 3a) with the peak value error at microphone 5,
similar deviations are observable. Overall, the acoustic results give a plausible prediction highlighting the need
for more precise CFD results as aeroacoustic source fields. Based on the numerical effort for different HAS
approaches, the PCWE is preferable for the axial fan benchmark case. As the wave equation formulation of
the LPCE includes an additional term (see Eq. (13), term II), the numerical effort in each time step is higher.

(a) Snapshot of pa, where blue/red refer to small/high values and
the source term is visualized on iso-surfaces in green (PCWE).
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(b) Time signals of the sound pressure at the inlet of the duct.

Figure 4. Spatial and time resolved CAA results for the axial fan.
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(a) Microphone 4 directly in front of the duct (distance 1 m, 0 ◦).
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(b) Microphone 5 in front of the duct (distance 1 m, 30 ◦).

Figure 5. PSD of the pressure p = pic + pa at different microphone positions inside the inlet chamber.
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Nevertheless, in comparison to the original LPCE, the wave equation formulation has the potential to be much
faster generating the same acoustic results. As less equations and only scalar solution variables are necessary,
transient flow coupling mechanisms can be included efficiently in sound prediction by Eq. (13).

6 CONCLUSIONS
In the present paper an axial fan benchmark case for aeroacoustics [1] was investigated numerically. Based
on transient CFD results, different HAS approaches were applied to compute the induced sound field. The
simplified CFD simulation showed acceptable results including the main characteristics of the turbulent flow.
Nevertheless, the CAA results emphasized the need for a more detailed CFD model. Finally, all HAS ap-
proaches gave consistent results and the introduced wave equation formulation showed promising potential. In
the future, a more detailed investigation of the flow is planned to yield an improved numerical prediction of the
aeroacoutics. Furthermore, numerical studies of the wave equation formulation of the LPCE are intended.
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ABSTRACT 
Centrifugal fans are widely used in industrial applications such as home appliances, automobile industry and 
air-conditioning devices. In this work, we investigate the aerodynamic and aeroacoustic performance of a 
centrifugal fan with nine backward curved blades by means of computational fluid dynamics and 
aeroacoustics. In a few previous publications by the authors, some experimental and numerical results were 
presented and compared. Regarding the aeroacoustic computations, the far field noise was calculated by 
solving the Helmholtz equation using the boundary element method (BEM) or the finite element method 
(FEM). Moreover, FEM calculations using Lighthill’s wave equation were also done. In the current paper, we 
perform vortex sound theory based aeroacoustic calculations, using Powell’s analogy. The results obtained 
using vortex sound theory are compared with the theoretical/numerical approaches mentioned above, and 
with the experimental results. As stated by some previous researchers, although Lighthill’s and Powell’s 
formulations pose only slight differences mathematically, they exhibit considerably different numerical 
robustness. The application, numerical stability and accuracy of the two methods with regards to the current 
problem are investigated and compared. 
 
Keywords: Vortex Sound, Centrifugal fan 

1. INTRODUCTION 
Centrifugal fans are used in many engineering applications such as engine turbocharger 

compressors [1],  vacuum cleaners [2], refrigerators [3] and heat pump clothes-dryers [4]. Regarding 
the design of such fans, it is desired to increase the aerodynamic efficiency and to decrease the 
aeroacoustic noise. For the improvement of the aerodynamic performance, the number of blades and 
their skew-type, and the clearance between the fan and the volute of the housing have been adjusted in 
Ref. [5]. The following methods have been attempted in the literature for the noise reduction of 
centrifugal fans: the use of uneven blade spacing [6], resonators [7] or guide vanes [8], modifications 
to the tongue geometry and material (e.g. metal foams), and active noise cancellation . 

Two of the fundamental aeroacoustic wave formulations are Lighthill’s wave equation and 
Powell’s wave equation. These two formulations are mathematically equivalent; Powell ’s formula [9] 
rewrites the right-hand side terms of Lighthill’s equation in terms of the divergence of Lamb vector 
and Laplacian of the kinetic energy density. However, some researchers [10] have proposed that 
Powell’s formulation is numerically more stable and accurate. In Ref. [11], we have investigated the 
aeroacoustic noise of a centrifugal fan using Lighthill’s equation in integral form. In the current paper, 
we will present the numerical results based on the integral form of Powell ’s equation (the so-called 
vortex sound theory), and compare these two approaches in a low-Mach number problem.    

The aerodynamic simulations for the centrifugal fan considered in this study were presented in Refs. 
[4, 12]. The Stress Blended Eddy model (SBES), as well as the Scale Adaptive Simulation and the 
Detached Eddy Simulation, were performed using ANSYS-CFX. The aerodynamic results from the 
SBES simulation for the reference fan will be used here for the aeroacoustic calculations. Moreover, 
the aerodynamic efficiency of the fan was experimentally tested according to the industrial norm DIN 
EN ISO 5801, which is compared in Ref. [4] with the numerical predictions for the efficiency.  

                                                        
1 hdogan@beuth-hochschule.de, ochmann@beuth-hochschule.de 
2 c.eisenmenger@htw-berlin.de, stefan.frank@htw-berlin.de 
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2. FORMULATIONS 
Powell’s equation for aeroacoustic wave propagation is given as [9] 
 

  (1) 

where p is the acoustic pressure, c is the sound speed,  is the density,  is the vorticity vector, and 
 is the velocity vector. The first term on the right hand side is known as the Lamb vector (multiplied 

with density here for notational convenience):  

  (2) 

Powell’s equation (1) is mathematically equivalent to Lighthill’s equation; the right hand is reformulated in 
terms of vorticity and velocity. In most flows (especially for the case of low Mach number as in the current 
study), the fluctuations of the last term are negligible because of the conservation of the kinetic energy. As 
such, one can write in frequency domain 

  (3) 

where k is the wavenumber,  is the Fourier transform of the Lamb vector, and  is the Fourier transform 
of pressure. Eq. (3) is the differential form of the inhomogeneous Helmholtz equation, it can be also 
represented in integral form. Accordingly, the acoustic pressure  at an internal point  within the 
domain can be obtained using the following integral equation [10]: 

 

 (4) 

where the Green’s function  is given by  

  (5) 

 
with r being the distance between the collocation point  and the integration points on the surface  and 
in the volume .  

 The governing equations given above can be solved in many ways; two of the most common 
methods are the Finite Element Method (FEM) and the Boundary Element Method (BEM). In this study, 
we use COMSOL FEM software to solve for the differential form (Eq. 3) and a modified version of the 
BEM code in Ref. [13] for solving the integral form (4).  

For the CAA domain, we remove the rotationary domain in the CFD simulations and define a 
permeable interface ( ) outside the fan blades (see Fig. 1). The CFD pressure data at the virtual cylindrical 
interface outside the rotor is taken as the input.  

Let  denote the boundary enclosing the acoustic domain, e.g. , where  is the 
permeable surface (the inlet),  is the circular outlet of the duct, and  are the rigid side walls between 
the inlet and outlet (Fig. 1). At the permeable interface , the acoustic pressure is prescribed by taking the 
Fourier transform of the time-domain pressure values ( ) obtained in the CFD simulations:  

  (6) 

On the rigid side walls, the particle velocity is zero. Therefore, the hard-wall condition is employed, i.e. 
 

  (7)  

At the outlet, the plane-wave impedance condition is prescribed:  

  (8) 

1836



 

 

 
Figure 1 – Acoustic calculation domain with the cylindrical interface outside the rotor domain 

 
The domain for the quadrupole sources is the volume Vq between the cylindrical interface and y=0.7 m 
plane. For the simulations using the integral form, we calculate the acoustic pressure q in the midpoint of 
y=0.7 m plane, because the effects of turbulent sources in a point inside the domain are of interest. In the 
region y>0.7 m, the acoustic waves propagate as plane waves below the cut-off frequency [13]. Therefore, 
the acoustic pressure  at the location of the microphones can be calculated analytically as 

  (9) 

where  m is the y-coordinate of the microphones, and  is the y-coordinate of the end of near 
field (CFD) domain, e.g.  m.  

3. EXPERIMENTAL SETUP 
The acoustic noise measurements were carried out according to the international norm ISO 5136 

using the in-duct method. The test facility (in Fig. 2) was installed inside a semi-anechoic room. An 
anechoic termination was mounted to the outlet (at y=3.1 m). Three high precision slit-tube microphones 
were installed inside the duct on x-z plane, at y=2.47m.  

 
The noise recordings were done with a duration of 35 seconds and were repeated ten times in order 

to reduce the standard deviation error of the results. The Fourier transform of the time signals were 
computed with the software Samurai from Sinus Acoustics, and the obtained sound pressure levels 
(SPLs) were averaged over ten samples. The final displayed results for the noise levels require some 
corrections because of the mean flow velocity and the shield protection of the slit microphones. The 
experimental noise spectra for different frequency resolutions are given in Fig. 3 . 

 

 

Figure 2 – The experiment setup in the semi anechoic room at HTW Berlin 
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Figure 3 – The experimental noise spectra at different frequency resolutions (0.4 Hz, 6.25 Hz and 12.5 Hz) 

 

4. RESULTS 

4.1 Components of Lamb vector 
In order to give a qualitative image of the Lamb vector, the x and y components are plotted in Fig. 

4 using an interpolation function in the Finite Element software COMSOL. Figure 4(a) and 4(b) show 
the distribution of the x and y components, respectively, in frequency domain at the blade passing 
frequency (BPF) 429 Hz. It is observed that the magnitude of Lamb vector is the highest near the rotor 
domain where turbulent fluctuations are the largest. Towards the outlet of the duct, the magnitude of 
Lamb vector decreases at least one order. 

 

 (a)     (b)   
 

Figure 4 – The x- and y-components of Lamb vector at 429 Hz, plotted using COMSOL FEM software 
 

4.2 Sound pressure level (SPL) 
The results of the frequency-domain simulations will be shown hereafter. All of the numerical 

simulations here have a frequency resolution of ~11.95 Hz. Hence, the results are compared to the 
experimental spectrum with 12.5 Hz resolution, where applicable. The strongest component in the 
noise spectra is obtained at the BPF. In Fig. 5, the distribution of the SPL at the BPF is shown, where 
the COMSOL FEM is used based on the differential equation (3). The components of the Lamb vector 
have been imported into the program, using the ‘Dipole Domain Source’ feature available in the 
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Frequency Domain Pressure Acoustics module. In the region y 0.5 m to the outlet of the duct, a 
constant SPL of ~93 dB is obtained.  

 

 
Figure 5 – The sound pressure level SPL (decibel) in the domain at 429 Hz computed with COMSOL FEM  

 
 

The sound pressure level results over the whole frequency range are shown in Fig. 6. The results 
in Fig. 6 are obtained based on the integral formulation (4) solved with BEM. The black line in the 
figure shows the results with the volume integral in (4), e.g. including the effects of the turbulent noise 
contribution. The blue line presents the results for the surface integral terms  in Eq. (4), which is the 
Kirchhoff-Helmholtz integral equation. It is seen that the effects of quadrupole sources on the total 
sound pressure level are more pronunced in the low frequency range.  

 

 
Figure 6 – The SPL with/out volume sources (the integral with Lamb vector) computed with BEM 

 

4.3 Comparison of Powell’s and Lighthill’s formulations  
 
The comparison of the Powell’s formulation with Lighthill’s formulation is shown in Fig. 7. The 

simulations using the integral form Lighthill’s analogy for the current problem were presented in Ref. 
[11]. As mentioned earlier, the two formulations are mathematically equivalent, when the fluctuations 
in the kinetic energy are negligible. In Fig. 7, numerically some differences are observed broadband in 
the overall noise spectra of the two methods. Though, the main component of noise predicted at the 
BPF is identical for both formulations.  
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Figure 7 – Comparison of the sound pressure levels obtained using Powell’s and Lighthill’s formulations 

 

4.4 A-weighted Sound Power Levels  
In Fig. 8 the A-weighted sound power levels are presented using the 1/3rd Octave Band values.  

The BPF in the current problem falls into the band with the center frequency 400 Hz. An overall good 
agreement is observed up to 1400 Hz, when comparing the experimental and numerical results. 
Specifically, the peak values obtained at the 400 Hz center-frequency band are as follows: 79.61 dBA 
for the vortex sound based simulation, 79.13 dBA for the Helmholtz equation simulation, and 77.86 
dBA for the measurement (red line). Moreover, the total sound power level summed over the first 
seventeen 1/3rd Octave bands (up to and including 2000 Hz center frequency) are 81.30 dBA,     
80.38 dBA, and 79.45 dBA, respectively, for Powell’s formulation, Helmholtz equation and the 
measurement. 
 

 
Figure 8 – A-weighted sound power levels obtained experimentally and numerically 
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We should finally note that there are two main correction factors in the interpretation of the measured noise 
values in the industrial norm ISO 5801. The first one is for the convective effects because of the flow 
velocity. For the current setup, this correction amounts to less than 0.2 dB for frequency values <1000 Hz. 
The second one is due to the turbulence screen protection of the microphones, and the corresponding values 
averaged over three microphones are given as a function of band center frequencies in Table 1. Clearly, the 
consideration of the turbulence screen protection as in Table 1 results in ~9 dB difference in the measured 
total sound power level. In the numerical simulations, such correction is not accounted for. Hence, the 
experimental spectrum in Fig. 8 has been plotted without taking into account the values in Table 1.   

 
Table 1 – Measurement correction factor C2 for slit-tube screen of microphones 

FFreq. 

((Hz)  550  663  880  

     

1100  1125  1160  2200  2250  3315    4400    5500    6630    8800  

     

11000  

CC2 

((dB)  --11.77  --44.3  --22.3  --22.10  --11.24  --00.65  00.18  --22.19  --22.48  --33.07  --33.44  --33.01  --33.477  --33.28  

 
 

5. CONCLUSIONS 
In this study, the aeroacoustic noise of a centrifugal fan used in household dryers was investigated. 

The main objective of the current paper was the comparison of Lighthill’s analogy and Powell’s 
analogy for the low Mach number flow encountered in the application. The numerical simulations 
regarding such comparison have been performed using the integral forms of both formulations, where 
the main results are given in Figs. 7 and 8. It has been observed that the predicted sound pressure levels 
show minor differences. Handling of the numerical data, on the other hand, is considerably more 
convenient when using Powell’s analogy, since the formulation involves vector variables (velocity and 
vorticity) instead of the tensor components. Good agreement between the experimental and the 
numerical sound power levels has been found. Further numerical studies will be performed for an 
aerodynamically optimized model of the radial fan, which was presented in Ref. [14]. 

 

ACKNOWLEDGEMENTS 
This work was funded by the German Ministry of Education and Research (Bundesministerium für 

Bildung und Forschung) within the research project High Efficiency Low Noise Heatpump Dryer 
(HELNOISE). The authors are thankful to the project partners ANSYS, B/S/H/ and GRONBACH for 
their support. 

     

 
REFERENCES 
 
[1]  C. Liu, Y. Cao, Y. Liu, W. Zhang, P. Ming. Numerical investigation of marine diesel engine 

turbocharger compressor tonal noise. Proc. IMechE Part D: Journal of Automobile Engineering, pp. 
1-14, 2019.  

[2]  J. Prezelj, T. Novakovic. Centrifugal fan with inclined blades for vacuum cleaner motor. Applied 
Acoustics, Vol. 140, pp. 13-23, 2018.  

1841



 

 

[3]  S. Lee, S. Heo, C. Cheong. Prediction and reduction of internal blade-passing frequency noise of the 
centrifugal fan in a refregirator. International Journal of Refregiration, Vol. 33, pp. 1129-1141, 2010.  

[4]  C. Eisenmenger, S. Frank, H. Dogan, M. Ochmann. Aerodynamische und aeroakustische 
Untersuchungen an Radialventilatoren mit rückwarts gekrümmten Schaufeln für Haushaltsgeräte, in 
Deutsche Jahrestagung für Akustik (German Annual Conference on Acoustics) - DAGA, Munich, 
2018.  

[5]  Q. Datong, M. Yijun, L. Xiaolian, Y. Minjian. Experimental study on the noise reduction of an 
industrial forward-curved blades centrifugal fan. Applied Acoustics, Vol. 70, pp. 1041-1050, 2009.  

[6]  B. Jiang, J. Wang, X. Yang, W. Wang, Y. Ding. Tonal noise reduction by unevenly spaced blades in a 
forward-curved-blades centrifugal fan. Applied Acoustics, Vol. 146, pp. 172-183, 2019.  

[7]  W. Neise, G. H. Koopmann. Reduction of centrifugal fan noise by use of resonators. Journal of Sound 
and Vibration , Vol. 73, Nr. 2, pp. 297-308, 1980.  

[8]  K. Paramasivam, S. Rajoo, A. Romagnoli. Suppression of tonal noise in a centrifugal fan using guide 
vanes. Journal of Sound and Vibration, Vol. 357, pp. 95-106, 2015.  

[9]  A. Powell. Theory of vortex sound. Journal of Acoustic Society of America, Vol. 36 (1), pp. 177-195, 
1964.  

[10] P. Martinez-Lera, A. Müller, C. Schram, P. Rambaud, W. Desmet, J. Anthoine. Robust aeroacoustic 
computations based on Curle's and Powell's analogies, in Proceedings of ISMA, 2018.  

[11] H. Dogan, M. Ochmann, C. Eisenmenger, S. Frank. Prediction of the aeroacoustic noise of a radial fan 
using Ligthill's Analogy in frequency domain, in Deutsche Jahrestagung für Akustik (German Annual 
Conference on Acoustics) - DAGA, Rostock, 2019.  

[12] C. Eisenmenger, S. Frank, H. Dogan, M. Ochmann. High Efficiency Low Noise Heatpump Dryer 
(HELNOISE), in Deutsche Jahrestagung für Akustik (German Annual Conference on Acoustics) - 
DAGA, Kiel, 2017.  

[13] H. Dogan, M. Ochmann, C. Eisenmenger, S. Frank. A hybrid CFD/BEM method for the calculation of 
aeroacoustic noise from a radial fan, in Deutsche Jahrestagung für Akustik (German Annual 
Conference on Acoustics) - DAGA, Munich, 2018.  

[14] C. Eisenmenger, S. Frank, H. Dogan, M. Ochmann. Aerodynamische und aeroakustische Optimierung 
eines Radialventilators mit rückwärts-gekrümmten Schaufeln für Haushaltsgeräte mittels Inverse 
Design, in Deutsche Jahrestagung für Akustik (German Annual Conference on Acoustics) - DAGA, 
Rostock, 2019.  

 
 

1842



Experimental investigation of the influence of different leading edge
modifications on the sound emission of axial fans downstream of a heat

exchanger

Felix CZWIELONG(1), Florian KRÖMER(2), Paruchuri CHAITANYA (3),Stefan BECKER(4)

(1)Institute of Process Machinery and Systems Engineering, University of Erlangen, Germany, cz@ipat.fau.de
(2)Institute of Process Machinery and Systems Engineering, University of Erlangen, Germany, kro@ipat.fau.de
(3)Institute of Sound and Vibration Research, University of Southampton, England, C.C.Paruchuri@soton.ac.uk
(4)Institute of Process Machinery and Systems Engineering, University of Erlangen, Germany, sb@ipat.fau.de

Abstract
Axial fans have a major impact on the sound emission of technical systems. One of the common applications
of low-pressure axial fans is their usage in air conditioning and cooling circuits. In most cases the fan operates
downstream of a heat exchanger in this scheme. The suction side heat exchanger changes the upstream flow field
of the fan, often resulting in an increase in the sound pressure level of the axial fan compared to undisturbed
inflow conditions. Investigations on sound radiation of aerorfoils showed that leading-edge modifications like
serrations or slits reduce the turbulence-aerofoil interaction noise. In this study, the impact of two different
leading-edge modifications (sinusoidal and slit) on the sound emissions of a forward skewed low-pressure axial
fan was examined. The inflow conditions varied between a free inflow and a disturbed inflow, generated by a
heat exchanger located on the suction side of the axial fan. The results show that the modification of the lead-
ing edge has a positive influence on the sound radiation of the axial fan for both inlet conditions discussed above.

Keywords: Axial Fan, Leading Edge, Air Conditioning

1 INTRODUCTION
Axial fans are used in a variety of technical applications such as cars, trains, computers, air conditioners and
heat pumps. With this wide range of applications, axial fans are part of our daily lives. Fans are one of the
main sources of noise in these technical systems. The resulting noise is often felt by people as disturbing and
can also lead to psychological stress [1]. For this reason, many investigations have been carried out in recent
years with regard to the acoustic optimisation of axial fans. These investigations included on the one hand the
reduction of sound radiation on stationary airfoils and on the other hand on rotating fans. As the leading edge of
the blade in interactions with the turbulent inflow to the blade is known to be a dominant sound source, several
studies investigated modifications of the leading edge under different inflow conditions. This study aimed to
follow on from the previous studies and analyse the influence of different leading edge modifications on the
sound radiation of axial fans. In order to illustrate a technically relevant case, the experiments are performed
not only under free inflow conditions but also under disturbed inflow generated by a heat exchanger.

1.1 Leading-edge modifications
In the present study two different leading edge modifications are considered. The first modification is slits in
the leading edge of the fan blade. On fixed blades it was found that slits in the leading edge cause a reduction
of the sound pressure level. The greatest reduction could be achieved with a ratio of distance between slits and
length of slits of lLE/wLE = 6. In the low frequency range, the noise reduction with slitted leading edges was
greater compared to serrated leading edges consisting of a sinusoidal waveform [2]. We can add optimum slit
dimensions are considered in this study as identified by [3]. The second modification are sinusoidal serrations
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on the leading edge. Experiments were performed by Biedermann et al.[4] with axial fans, which have a
sinusoidally serrated leading edge. This could determine a reduction of the sound pressure level up to 3.4dB in
specific frequency ranges due to the leading edge modification. The investigations by Krömer et al. [5, 6] also
showed that the use of sinusoidal leading edges can reduce the sound radiation of flat-plate fans. As a variant
with the lowest sound emission, the leading edges with the highest amplitudes αLE and the smallest wavelength
λLE could be found.

1.2 Inflow Conditions
The aerodynamic and acoustic behaviour of low-pressure axial fans under disturbed inflow conditions was in-
vestigated in most cases with the use of passive turbulence grids. For this purpose, the grids were placed
upstream of the fans and the turbulence characteristics of the flow were modified. It was found that the sound
emission of the fans increases with increasing turbulence intensity [6]. The homogeneity of the flow field also
had an effect on the sound emission, which was shown, for example, in an increased blade passing frequency
[6, 7]. Practical cases with heat exchangers on the suction side or empty heat exchanger housings were also
investigated. This showed that heat exchangers generate inhomogeneity in the flow field and can influence the
turbulence intensity. The increased sound emission of fans with suction-side heat exchangers was traced back
to these flow phenomena and to a varied interaction between tip gap flow and blade tip [8, 9].

2 FAN DESIGN
The axial fans were designed according to the blade element theory and have the same design parameters
[6, 10]. The fans use the same hub, which has a diameter of dhub = 247.5mm. The fan blades (NACA 4510
profile [11]) are screwed to the hub and can be replaced. The entire fan with blades has a diameter of dfan =
495mm, see figure 1.

24
7,

5
m

m

495 mm

x

y

z

Figure 1. Illustration of the axial fan with slitted leading edges.

In this study three different fans are examined which differ in their leading edge modification. All fans have
nine forward-skewed (FSK) fan blades. From previous studies it could be shown that forward-skewed blades
reduces the sound emission of axial fans [12, 13, 6]. A fan with a straight leading edge (SLE) is selected as
reference fan (FSK-SLE). The first leading edge modification has slits in the aerorfoil (FSK-SLIT). For this
configuration a ratio of lLE/wLE = 7.5 was choosen. The second modification is a serrated leading edge (FSK-
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SERR) where the aerofoil surface is kept constant, see figure 2. The individual design parameters are shown in
figure 3 and listed in table 1 in relation to the mean chord length of the aerofoil. The mean chord length for
the blades is lc = 69,6mm. The axial fans operate in a duct with a diameter of dduct = 500mm and a speed
of n = 1000rpm. This speed is below the design speed, which is n = 1486rpm. The tip gap of the fans has
a dimension of stip = 2.5mm. The individual blades are made of PA3200GF material using the laser sintering
process.

(a) FSK-SLE (b) FSK-SLIT (c) FSK-SERR

Figure 2. Fan Blades with different leading edges modnifcations, (a) reference fan blade FSK-SLE with straight
leading edge, (b) fan blade FSK-SLIT with slitted leading edge and (c) fan blade FSK-SERR with sinusoidal
serrated leading edge.

lLE

hLE

wLE

(a) parameters of slits

λLE

αLE

(b) parameters of sinusoidal serrations

Figure 3. Schematic sketch for the parameters of the leading edge modification.

Table 1. Parameters for the leading edge modifications relativ to mean chord length.

parameters of slits parameters of serrations
lLE 21,6% λLE 6.7%
hLE 32.3% αLE 16.7%
wLE 2.9%

3 EXPERIMENTAL SETUP
The fluid-mechanical and acoustic investigations were performed in the standardized axial fan test chamber of
the University of Erlangen-Nuremberg [6]. The test bench is designed according to ISO 5801 [14], see figure
4.
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Figure 4. Standardized inlet test chamber according to ISO 5801 [14] with heat exchanger and axial test fan.

In order to examine the sound field on the suction side of the axial fans, the test rig has a anechoic chamber
equipped with absorbers. This chamber has a volume of V = 22m3 and a quiescent sound pressure level of
Lp = 28dB in the frequency range of f ∈ [0.1kHz, 10kHz]. The volume flow rate V̇ is measured with a
standardized inlet bellmouth. For the adjustment of the operating point, an auxiliary fan and a butterfly damper
are used. For a low-noise inflow there are splitter-type-silencers in the front of the measuring chamber. Inside
the anechoic chamber, five half inch free-field microphones are set up for acoustic investigations. These are
located at a distance of R = 1000mm from the inlet bellmouth of the fan, which is fixed to the wall of the
test bench. Three microphoes are arranged in a horizontal quarter circle and two in a vertical quarter circle
around the bellmouth. The microphones have a segmentation of 22.5◦. The fan is operated in a dduct = 500mm
duct. A 3kW asynchronous motor was used as the drive unit, which was operated at a constant speed of
n = 1000rpm. The speed is measured by a tachometer (one puls per revolution) located between the fan and the
motor. The total-to-static pressure rise ∆pts generated by the fan is determined by a differential pressure sensor
between the environment and the suction side of the fan. For influencing the inflow to the fan a qudaratic heat
exchanger with the hight hhe = 800mm and width whe = 800mm was used. The coolant pipes have a diameter
of dpipe = 9,5mm and the distance between the cooling slats is sslat = 2.2mm. The inflow conditions were
determined using 3D hot-wire anemometry. For these investigations the fan blades were removed and the flow
field measured at the position where the leading edge of the fan blades is located. The hot-wire probe was
automatically moved to 80 different measuring points by means of a traverse. The measuring points cover one
third of the duct area. A waiting time of tw = 15s was set before each measuring point [15]. A StreamLine
Pro was used as the measuring bridge and processor. A measurement time of ts = 30s and a sampling rate
of fs = 48kHz were selected per measuring point both for the measurements of the inflow conditions and for
the measurements of the sound pressure. In both cases a PXIe-1075 front-end with 24-bit A/D converter NI
PXie-4492 was used [8, 6].

4 RESULTS AND DISCUSSION
In this chapter, the turbulence characteristics of the suction-side flow field of the axial fan will be discussed
first. Based on these results, the aerodynamic and acoustic behaviour of the axial fan will be analyzed in the
following subchapter.
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4.1 Inflow conditions
Figure 5 shows the contour plots of the turbulence intensity for the free inflow (5a) and for the flow downstream
of the heat exchanger (5b). The plots represent the flow field at the leading edge of the fan at a volume flow
of V̇ = 0.8m3/s.

(a) turbulence intensity for free inflow conditions (b) turbulence intensity for disturbed inflow conditions

Figure 5. Turbulence intensity for the free inflow (a) and the disturbed inflow condition (b) caused by a heat
exchanger for a volume flow rate of V̇ = 0.8m3/s.

The flow field of the free inflow shows a homogeneous field with an average turbulence intensity of Tuglo =
4.88%. The flow field downstream of the heat exchanger, on the other hand, shows clear inhomogeneities
which occur in the outer area of the duct. In addition, the mean turbulence intensity is increased to a value
of Tuglo = 7.54% compared to the free flow. The mean and maximum values of the integral length scale and
the turbulence intensity are given in table 2. In addition to the increase in the turbulence intensity generated by
the coolant pipes and cooling slats because they act like a turbulence grid, the integral length scale has been
reduced due to these installations. The vortices are broken up by the cooling slats and smaller vortex structures
are formed.

Table 2. Average and maximum inflow parameters.

inflow condition free heat exchanger
volume flow rate in m3/s 0.8 0.8
Tuglo,max in % 11.49 13.06
Tuglo in % 4.88 7.54
Λmax in mm 125.0 35.2
Λ in mm 93.3 12.7

4.2 Aerodynamic and acoustic characteristic of the axial fans
The characteristic curves of the fans show that the fan FSK-SLE generates the greatest pressure rise. The pres-
sure build-up of the two leading edge modifications is below the reference fan, see figure 6. The modification
with the slitted leading edge achieves a greater pressure build-up in the range of V̇ = 0.5m3/s to V̇ = 1.1m3/s
than the fan with the serrated leading edge. This can be explained by a higher drag caused by the sinusoidal
serrations [16]. The characteristic curves for the disturbed inflow are decreased to lower pressure differences.
This is caused by the additional flow resistance of the heat exchanger.
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(a) aerodynamic characteristic curves at free inflow conditions
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(b) aerodynamic characteristic curves at disturbed inflow condi-
tions

Figure 6. Aerodynamic characteristic curves of the investigated fans: (a) free inflow condition, (b) disturbed
inflow condition caused by heat exchanger.

The acoustic characteristics curves, see figure 7(a), show that a reduction of the sound pressure level due to
leading edge modification can be achieved almost continuously for the free inflow. The mean reduction of the
sound pressure level compared to the reference fan is 2.1dB for the slitted leading edge and 1.4dB for the
sinusoidal serrated leading edge.
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(a) acoustic characteristic curves at free inflow conditions
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(b) acoustic characteristic curves at disturbed inflow conditions

Figure 7. Sound pressure level over volume flow rate: (a) free inflow conditions, (b) distrubed inflow conditions
due to heat exchanger.

In the transition from volume flow rate V̇ = 0.6m3/s to V̇ = 0.7m3/s, a stronger reduction of the radiated sound
pressure level is apparent for the reference case FSK-SLE as well as for the FSK-SERR fan. This can be ex-
plained by the fact that instabilities such as tip gap flow and rotating stall occur intensively for the operating
points at low volume flow rates (V̇ < 0.7m3/s). This transition point is visible for the fan FSK-SLIT between
the volume flows rates V̇ = 0.5m3/s to V̇ = 0.6m3/s. This indicates that the slits provide a more stable aero-
dynamic characteristic and thus reduce the range in which the flow separates at the blades. In the case of a
disturbed inflow due to the heat exchanger, see figure 7(b), the same tendencies exist between the fans as with
the free inflow. A sound level reduction of 2.0dB is achieved over the entire characteristic curve with the slitted
leading edge and of 1.0dB for the serrated leading edge. Therefore the positive effect of the sound reduction
caused by the leading edge modification is reduced due to the suction side heat exchanger. The overall sound
pressure level of the acoustic characteristic curve was increased by the heat exchanger by approximately 4dB.

1848



Figure 8 shows the sound pressure spectra of the fans for the operating point V̇ = 0.8m3/s. Compared to the
FSK-SLE reference case, the modified leading edges reduce the broadband sound from a frequency of 1kHz to
4kHz. This frequency range can be assigned to the turbulent ingestion noise as well as to trailing edge noise
of the aerofoils [6]. This means that on the one hand the sound sources at the leading edge are decorrelated by
the leading edge modifications and on the other hand the changed flow over the aerofoil leads to a lower sound
emission due to the trailing edge. This could be related to the fact that longitudinal vortices arise and increase
the momentum transfer in the boundary layer. The harmonics of the blade passing frequency are also reduced
due to the modifications. However, the FSK-SERR fan in particular shows an increase in the first blade passing
frequency, which stands out clearly.
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Figure 8. Sound pressure spektras at a volume flow rate V̇ = 0.8m3/s: (a) free inflow conditions, (b) distrubed
inflow conditions due to heat exchanger.

With regard to the disturbed inflow, it can be stated that the low-frequency range is influenced in particular.
Since the frequency range lwoer then the blade passing frequency and between the blade passing frequency and
its harmonics is affected, it can be concluded on the basis of the flow investigations that the inflow in the blade
tip area is more turbulent due to the heat exchanger. This leads to an amplification of the sound generation
mechanism due to the interaction between the vortex system in the tip region and the blade tips of the fan.
The increased peaks of the blade passing frequency can be attributed to the inhomogeneities in the flow field.
A further influence could be structural acoustic effects of the heat exchanger, which have not been investigated
here.

5 CONCLUSION AND OUTLOOK
In this study the acoustic sound radiation of axial fans with different leading edge modifications (straight, slitted,
serrated) was investigated. The inflow conditions were defined as free inflow and disturbed inflow due to heat
exchangers. It could be shown that the heat exchanger increases the turbulence intensity and induces local spots
with increased turbulence in the flow field. As a result, the heat exchanger increased the average sound emission
of all fans by approximately 4 dB. The modifications of the leading edge reduced the emitted sound pressure
level under both free and disturbed flow conditions. The greater reduction was achieved with the slitted leading
edges, which were up to 2 dB in average over the entire characteristic curve. However, the modifications also
lowered the aerodynamics of the aerofoils which led to a lower pressure rise of the fans. In the next step, the
leading edge modifications at a higher turbulent inflow should be investigated.
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ABSTRACT 
The reduction of noise emission of heat pumps is a major development target for the appliance manufacturer. 
An important source of sound is the fan. The fan is operating at disturbed inflow conditions due to installation 
in the appliance. Additionally small scale turbulence generated by the heat exchanger further increases fan 
noise emission. Noise emission may be reduced via improved installation or specific fan design. The aim of 
the project was to measure flow and turbulence characteristics inside the heat pump via constant temperature 
anemometry as well as noise emission. The acquired data set was then used for validation of CFD and CAA 
simulations. The effect of inflow turbulence was analyzed for configurations with and without heat exchanger. 
Hot wire measurements show increased average turbulence levels of 20 percent downstream the heat 
exchanger. In a second step URANS simulations were conducted for both configurations. The heat exchanger 
was modelled as porous medium. Turbulence properties could be matched with experiments with reasonable 
boundary conditions at the heat exchangers outlet. There is some deviation in flow rate with URANS. 
Increased tonal noise for the configuration with heat exchanger is predicted but the levels are in error of up to 
10 dB.  
 
Keywords: fan noise, heat pump, turbulence, CAA 

1. INTRODUCTION 
The reduction of CO2 emissions is one of the most important global challenges. In Germany 

conventional heating with gas or oil dominates the installed heating systems. An alternative to the 
usage of fossil fuels for heating are heat pumps. These machines use electrical power to tra nsfer 
environmental heat to useable heat. If the electrical power is generated from renewable sources the 
operation is CO2 neutral. The increasing number of installed heat pumps in human environment like 
gardens raises the importance of noise emissions. The axial fan is one of the key components of a heat 
pump. In addition to the compressor the fan is the most important source of noise. This paper analyzes 
the influence of the heat exchanger as turbulence generator on fan noise emission. The heat exchanger 
is expected to generate small scale turbulence. On the other hand it acts as a flow straightener. Large 
scale vortical structures are broken and flow homogeneity is increased. The present paper analyzes the 
influence of the heat exchanger on fan noise emission as well as its influence on turbulent inflow 
conditions.  

  Disturbed turbulent inflow conditions are well known to increase fan noise  (1). Turbulent 
ingestion noise on airfoils has been the topic of numerous research papers in the past. Recent studie s 
on increased fan noise due to inflow disturbance are e.g. the work of Zenger et. al. (2). The influence 
of the heat exchanger in an automotive cooling fan was analyzed by Rynell et. al. (3). He found, that 
removing the heat exchanger in his setup increases fan noise. This is in line with the work of Lucius et 
al. (4), who showed dramatic increase for a rectangular box as inflow disturbance. The heat exchanger 
                                                        
1 Andreas.Lucius@de.ebmpapst.com 
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itself generates small scale turbulence due to flow separation at the cooling tubes. But additionally the 
narrow lamellas act as a flow straightener. Large scale turbulent structures as corner vortices from the 
box are broken by the heat exchanger. The aim of the current study is to analyze the effect of inflow 
turbulence on fan noise in a heat pump. There is only limited knowledge of turbulence properties of the 
flow after a heat exchanger. Length scales and turbulence intensity are the key parameters that 
determine the leading edge noise. The work of Czwielong et. al. (5) shows hot wire measurements after 
different heat exchanger configurations. These measurements were done without fan at the leading 
position. The measurements show high turbulence intensity and anisotropy. The flow is accelerated 
from rectangular heat exchanger cross section to the fan housing, which leads to vortex stretching and 
the high level of anisotropy reported.  

In the present paper hot wire measurements were done inside a heat pump. Two configurations were 
analyzed: The base configuration and a second setup without heat exchanger. Configurations are 
displayed in Figure 1. 

 

  
Figure 1. Configurations analyzed, left base configuration, right without heat exchanger (HEX) 

 

2. Experimental results 

2.1 Experimental setup and acoustic results  
 
 In order to analyze the effect of inflow turbulence due to the heat exchanger the two configurations 

were measured in different test rigs. First of all acoustic and aerodynamic performance was measured 
in a test rig according to DIN EN ISO 5801. The test rig is an anechoic room with reflecting bottom. 
Pressure side and suction side are separated with a wall. The heat pump is mounted at the chamber wall. 
Tape was used to prevent any airflow leakage between inlet and outlet of the heat pump. The heat pump 
was lifted from the bottom such that fan axis is 1.5 m above the reflecting bottom.  Additional throttling 
was applied to see the influence of the operational point on the acoustic performance. Sound power 
was measured on suction and pressure side with the enveloping surface method. Results shown in this 
paper are focused on inlet sound power. Figure 2 shows the suction side overall sound power for the 
two configurations. The configuration with heat exchanger (HEX) shows up to 1 dB higher sound 
power. This is not in line with the results of Rynell et al. (3). The main reason for this behavior is 
attributed to the asymmetric disturbed inflow conditions even with the heat exchanger installed ( see 
Figure 5). The inverter marked in blue is a very narrow disturbance, which has probably more effect 
than flow separation from the casing if the heat exchanger is removed.   

There is some dependence of overall sound power on flow rate with steep increase at low flow rates. 
The fan installed in the heat pump with heat exchanger operates near the point of minimal noise  
emission. The additional pressure loss of the heat exchanger results in a reduction of flow rate of 18 % 
at free blowing conditions.  
Sound power 3rd octave spectra are shown in the right hand side of Figure 2. Both configurations are 
displayed at the reference flow rate of the base configuration. For the configuration without heat 
exchanger the sound spectrum at free blowing conditions is additionally shown. At the same flow rate 
there is an increase of broad band noise of 1 to 2 dB for frequencies up to 2 kHz in case of heat 
exchanger installed. At higher frequencies acoustic damping of the heat exchanger reduces inlet sound 
power. With increased flow rate noise emission at nearly all frequencies is 1 to 2 dB higher.    

Z 

Y 
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Figure 2. Overall sound power performance curve and 3rd octave spectra 

 

2.2 Detailed measurements of flow velocity 
 
Flow velocity inside the heat pump was measured with Constant Temperature Anemometry (CTA). 

The measurements were conducted outside the performance test rig. In this measurement setup it was 
not possible to measure or control the air flow rate. Flow rate is different for both configurations as 
shown in section 2.1. A DANTEC 55P64 probe was applied to measure flow in fan axial direction and 
vertical direction according to Figure 1. The probe was mounted on a 2D automatic traverse system. 
Velocity was measured for 12 s in each point, first 2 seconds are skipped in evaluation due to potential 
probe vibration after traversing. The sampling frequency was 25.6 kHz, spectra are generated from 
blocks with 16384 points. A rectangular grid of 6 x 6 points with a spacing of 40 mm covers little more 
than one quadrant of the fan circumference. The installation is asymmetric mainly due to the inverter 
box (see Figure 5). All measurements consider the air flow path only, the cooling circuit was not in 
operation. The fan installed is a 3 bladed axial fan of 450 mm diameter. The fan is directly mounted on 
the EC motor running at 620 revolutions per minute. 

 Two measurement planes at different distances to the fan are measured to get an impression on 
turbulent dissipation. The measurement planes are located at 40 and 80 mm downstream the heat 
exchanger. All diagrams in this paper concerning detailed flow analysis refer to the 80 mm position. 
The axial distance between fan leading edge and heat exchanger is 158 mm. A comparison of measured 
axial velocities is shown in Figure 3. As expected flow velocities are higher for the configuration 
without heat exchanger. However the difference is higher than 21 % expected from flowrate. The flow 
field is more homogeneous for the base configuration. This is especially true for the border points. In 
addition there is a radial distribution with low velocity region near the impeller hub for configuration  2. 
Turbulence intensities for both configurations are shown in the lower part of Figure 3. The turbulence 
intensity displayed is normalized with the local mean axial velocity. The heat exchanger leads to a 
virtual increase of turbulence levels from near zero to 17% in the core region. Near the borders 
turbulence levels are higher for the configuration without heat exchanger. This is attributed to flow 
separation from the casing. This can have dramatic influence on fan acoustics (4). Velocity 
fluctuations are quite similar for both measured directions, so only the axial velocity is shown in this 
paper.   
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Figure 3. Measured axial velocity (top) and turbulence intensity (bottom) for both configurations 

 
The influence of the heat exchanger on turbulent spectra is shown in Figure 4. The curve shows 

velocity spectra of the axial velocity for all measured points 80 mm downstream the heat exchanger. 
For the base configuration all spectra coincide within a narrow band. There are two tonal components 
in the spectrum. One peak is at 33 Hz which is the blade passing frequency. The other peak at 5 6 Hz 
corresponds to vortex shedding at the heat exchanger tubes. This peak corresponds to a Strouhal 
number of 0.23 with mean axial flow velocity and tube diameter as length scale. Configuration 2 
without heat exchanger shows quite different behavior. There are some points with very low 
fluctuations, these points are located near the rotation axis. The other group of points contains large 
amount of kinetic energy especially at low frequencies. These are probes located close to the boundary 
edges. In addition to kinetic energy, turbulent length scales are evaluated from the autocorrelation of 
velocity fluctuations. Measured and simulated length scales are discussed in section 3.2. 
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Figure 4. Measured turbulent velocity spectra for both configurations 
 

3. CFD setup and results 

3.1 URANS simulations 
CFD simulations were conducted with the general purpose CFD code STAR-CCM+ 12.06. The k-  

realizable turbulence model was chosen. All simulations were done with compressible air, as the 
acoustics is taken into account. The boundary conditions are chosen to obtain the free blowing 
operating point (zero pressure outlet and stagnation inlet). For the transient simulations non-reflecting 
boundary conditions were applied. Suction side and pressure side are separated in the modelled 
geometry as shown in Figure 5. The heat exchanger is modelled as a porous medium (displayed in 
yellow). All simulations start with a stationary Multi-Reference-Frame simulation with frozen rotor 
position. These simulations lead to large underestimation of flow rate in range of 30 %. Agreement 
with measurements is much better if transient fan rotation is included.  Temporal resolution is 100 steps 
per pitch with a second order discretization scheme. Total number of cells for the URANS computation 
is 19 million polyhedrals. The mesh is identical for both configurations. The boundary layer is 
resolved with 12 prism layers on the fan blade and on the cylindrical part of the casing. Integral values 
show negligible differences between a coarser mesh containing 13 million cells. The aeroacoustic 
pressure is determined with the FW-H solver of STAR-CCM+. The far field sound pressure at 2 
microphone locations on the suction side is calculated propagating from a permeable emission surface 
displayed in green in Figure 5.    

   

 
 

 

Figure 5. CFD simulation models, left heat pump, right periodic HEX model 
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3.2   Heat exchanger calibration 
The heat exchanger was modelled as a porous medium. For calibration of the model coefficients a 

periodic model of the detailed heat exchanger geometry (tubes and lamellas) was simulated. Figure 5 
shows the simulated geometry. Cooling lamellas were simplified as flat plates. These simulations were 
used to check pressure loss depending on flow rate and turbulence properties downstream the  heat 
exchangers. The simulations were run unsteady due to vortex shedding at the cooling tubes. A stable 
solution from steady state RANS could not be achieved. 

The obtained pressure loss of 9 Pa is 30 % lower compared to the pressure rise of the fan alone at the 
same operating point. This is attributed to the simplified geometry. For the momentum equations in the 
porous region only the inertial term was used. Pressure loss coefficient was set according to fan 
pressure rise. Turbulence intensity Tu and length scale  are evaluated from the CFD with the 
assumption of isotropic turbulence. In equation (1) Uz is the axial velocity and k the turbulent kinetic 
energy. The length scale is evaluated from kinetic energy and dissipation rate  .  

 

 (1) 

 (2) 

 
Figure 6 shows the averaged CFD results in comparison to the correlation of Roach (6) for parallel 

rods with the tube diameter D of 7 mm used as length. Correlation and simulation results for the 
periodic model coincide quite well. For turbulence intensity there is some difference at small distances 
where the correlation is not valid. The graphs also show the average measured value of turbulent 
length scale and turbulence intensity for both measurement planes. These values correspond quite well 
to CFD and Roach correlation. The experiments indicate higher turbulent length scales than expected 
at the shorter distance. This may be attributed to the short distance to the heat exchanger which is 
below the data limit of 10 D in (6). As shown in section 2.2 measured kinetic energy also contains 
contribution due to impeller rotation. This content is not broad and for that reason is not included in the 
modelled kinetic energy. For that reason measured kinetic energy is  expected to be higher than from 
CFD results. CFD data of the periodic model will now be used as input for the porous medium in the 
full simulation. Fitting turbulence is quite challenging. The boundary conditions in terms of length 
scale and turbulence intensity are specified at heat exchanger outlet. Turbulence intensity dissipate s 
with distance depending on the length scale applied. Initial RANS simulations of decaying turbulence 
from turbulent inflow conditions were performed. It was not possible to fit both properties (  and Tu) 
at measured locations. RANS with turbulent inlet boundary lead to a decay similar to Roach, which has 
stronger dissipation compared to the periodic resolved HEX model. A variation of inlet parameters was 
done in order to fit turbulence intensity. The best fit was achieved with considerable larger length 
scales. The chosen turbulent properties at HEX outlet are Tu = 30 % and  = 4.5 mm. These values are 
used as input for the full simulation of the base configuration with heat exchanger.  

  
Figure 6. Turbulence properties from experiments and simulations 
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3.3 URANS Results 
In this section URANS simulation results are discussed. The results correspond to temporal mean 

values averaged over 5 out of 8 rotor revolutions. Table 1 shows integral performance in comparison to 
measured values. Absolute flow rate Qv is ca. 10% smaller compared to the experiments for both 
configuration, but the increase of 21 % in flow rate between configuration 1 and 2 is well predicted.  
Simulated velocity and turbulence fields are shown in Figure 7. Velocities are quite well predicted for 
both configurations. However there is an offset due to error in flow rate. In addition flow field is more 
homogeneous in simulations compared to measured results. With proper settings for the porous 
medium good agreement of turbulence levels is achieved (see Figure 6). Simulations show flow 
separation from the casing for configuration 2. Velocity defects and high levels of turbulence similar to 
measurements are found in the outer region of the measurement planes. 

 
Table 1. URANS results vs experiments 

configuration nr. of cells 
CFD 

Qv / Qv Base Exp. 

experiment     

Qv / Qv Base Exp. 

1 1.9 107 0.889 1.0 

2 1.9 107  1.066 (+19.7%) 1.215 (+21.5%) 
 
 

  

  
 

Figure 7. Time averaged URANS results, velocity and turbulence for both configurations 
 
Finally aeroacoustic results are discussed. Figure 8 displays acoustic spectra for both 

configurations at free blowing conditions. The microphone positions are at 1 m distance to the 
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appliance on fan axis and 3.4 m off axis respectively. Simulation and experiments are displayed with 
the same frequency resolution of 5.5 Hz. CAA only provides tonal components at BPF and its 
harmonics. For tone 1 (33 Hz) the frequency is too low for the acoustic test rig. The correct trend 
between both configurations is predicted for tones 2 and 3. Configuration 1 shows higher tonal noise, 
with stronger difference at tone 3. The trend is not correct for tone 4. Tones higher than 5th order are 
much too low which is attributed to lack of temporal resolution in the simulation. Absolute levels show 
deviations in the range of 10 dB between measurements and simulations. Even though the simulation 
time is rather short, CAA results are not expected to improve with longer physical time. Time signals 
show smooth periodic behavior with very little variation in time.     

 

 
 

 

Figure 8. Aeroacoustic simulation results vs. experiments 

4. Conclusion 
In this paper the effect of heat exchanger in a heat pump on fan noise was investigated. 

Measurements and simulations show high levels of turbulence in range of 20 % generated by the heat 
exchanger. Additional turbulence leads to increased fan noise emission of 1 to 2 dB in 3rd octave 
spectrum. Measured velocity and turbulence are in good agreement with simulations. For the heat 
exchanger it is important to choose proper boundary conditions to achieve correct turbulence levels. 
Tuning can be done with auxiliary simulations of detailed heat exchanger geometry. The influence of 
the heat exchanger on tonal noise was simulated via FW-H based on URANS. The trend between 
configurations is correctly predicted for most of the tones up to 5 th order. The error of absolute levels 
is up to 10 dB for single tones. For an evaluation of the broad band noise emission turbulence 
generators are needed as the detailed geometry cannot be resolved in scale resolving simulations. 
These modelled fluctuations can be used as sources in propagation codes or as transient input for Large 
Eddy Simulations.   
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Abstract
In previous years, leading-edge serrations have been successfully used as a noise-reduction technique applied to
airfoils. More recently, this technique has also been applied to axial fans. In this study, sinusoidal leading-edge
serrations have been designed, optimised and integrated on a plug fan (centrifugal fan without volute). The out-
come of RANS simulations of the non-serrated baseline impeller has been used to define an assumed optimum
serration geometry in terms of noise reduction. This optimum geometry has been used as a reference to manu-
facture three impeller prototypes of various serration geometries, defined by their amplitude 2h and wavelength
λ .
This paper presents the results of the test of the prototypes in a reverberant room, where noise and air perfor-
mance measurements are done simultaneously. For each impeller, five fan operating points are presented and,
for each point, sound power level is measured at inlet and outlet of the fan. This allows us to assess the effec-
tiveness of serrations at these operating points while checking the impact on the fan efficiency. The results are
compared with the non-serrated baseline fan.

Keywords: Fan Noise, Plug fan, Serrations, Leading-edge noise

1 INTRODUCTION
Fan noise is becoming a growing concern in different applications, such as air-conditioning, ventilation or elec-

tronic devices. The impact of environmental concerns and new regulations have made noise reduction a compet-

itive issue in today’s global market. New technologies have been emerging recently, based on acoustic control,

such as porous materials, leading-edge and trailing-edge serrations. Leading-edge serrations have proven to be

an efficient means to reduce turbulent interaction noise on airfoils. This can be explained with different noise

reduction mechanisms, such as destructive interference of the scattered surface pressure (1, 2), cutoff effect due

to the oblique edge (3) and, indirectly, stall delay (4, 5). For instance, a noise reduction of 3 dB over 1 kHz

was measured on a NACA 65 airfoil (6). The use of complex leading-edge serrations, with double wavelength,

chopped-peak, slitted-root and slitted-V, produced greater noise reductions than single wavelength serrations,

with a maximum reduction of 10-15 dB (7).

Serrations were added to the leading edge (LE) of the blades of an axial fan (8), achieving a reduction in

low-frequency broadband and tonal components. Both single and double-sine serrations on the LE of an axial

fan were also tested (9), with the former being more efficient than the latter (and therefore contradicting results

from airfoils (7)). Serrations were added to the LE of an axial fan with a turbulence generating grid (5). A

maximum noise reduction of 13 dB was achieved for a certain configuration (but it also increased noise up to

3 dB at other operating points). The impact on the noise reduction of serrations have been studied for airfoils

and axial fans but, to our knowledge, it has not yet been investigated for centrifugal fans.

The objective of this study is to design optimal serrations for a plug fan and to evaluate the impact of this

implementation on the noise and air performance of the fan.
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2 IMPELLER DESIGN
Sinusoidal leading-edge serrations were designed and optimised for a plug fan, i.e. a backward-curved centrifu-

gal fan without volute. As baseline for the design of serrations, we used a fan with seven blades of constant

thickness of 2 mm and an outer diameter of 360 mm (Table 1), which was manufactured by Ziehl-Abegg SE.

Table 1. Fan parameters

Designation Value

Number of blades zb 7

Blade thickness e [mm] 2

Inlet diameter Di [mm] 224

Outlet diameter De [mm] 360

Outlet span L [mm] 98

Rotational speed n [rpm] 1440 / 720

A sinusoidal shape has been used, defined by two parameters: wavelength λ and amplitude 2h (Figure 1).

λ

2h

θ

Figure 1. Serrations parameters

To calculate the optimum serration angle θO, the model proposed by Chaitanya et al is used (10). It is defined

as a function of the turbulence integral length scale, L (Equation 1):

θO = tan−1(
2h
L
) (1)

The turbulence integral length scale has been estimated from CFD simulations of the fan. The model chosen was

3D steady RANS, using Multiple Reference Frame (MRF) approach and the k− ε turbulence model. Overall,

9.39M unstructured polyhedral volumes were used, with 5.22 M of them in the rotating domain, an impeller

surface meshing of 0.5mm and a boundary layer of 5 layers.

The estimation of the turbulence length scale is done with

L =C3/2
μ

k3/2

ε
(2)

where Cmu is a constant of the turbulence model (0.09 in our case) and k and ε are the constants of the k− ε
model.

The equation has been applied over a rectangular area situated upstream of the leading edge, at a distance of

10% of the chord C. This area has been centred on the projection of the arc which defines the blade (Figure

2). The results have been averaged over the area, yielding a value of L = 7.8mm for the best efficiency point

(BEP), from which we can deduce an optimum wavelength λO = 15.8mm ≈ 16mm.
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Figure 2. Area for the visualization of the turbulent length scale (left) and outcome of the simulation (right)

There is no optimum criterion for the serration amplitude. However, empirical results usually show that the

bigger it is, the better, as long as a compromise with the aerodynamic performance is kept. A value of 1/6

of the chord has been taken, for it is similar to other values available in the bibliography (1, 5). In our case,

2h = 1/6C = 22mm. The original blades of the plug fan have been modified with leading edge serrations as de-

fined above. In order to perform a parametric study of the serration geometry, in terms of 2h and λ , two other

prototypes have been designed. In one case, λ has been doubled while keeping the same 2h. In the other, 2h
is twice as big while maintaining the same λ . The parameters for the three impellers are summarized in Table 2.

Table 2. Fan parameters

Designation λ [mm] h [mm] λ/2h
L8H11 8 11 0.36

L16H11 16 11 0.73

L16H22 16 22 0.36

The manufacturing of the prototypes, by Ziehl-Abegg, was similar to that of the baseline fan. The only modifi-

cation is the removal of material to carve the serrations on the blade. This has been done with a laser cutting

tool, and it slightly reduces the blade surface area, and thus may have an impact on the lift and therefore on

the fan curve. This potential degradation of the fan performance may easily be taken into account in the com-

parison of the acoustic results of the different blade geometries. Figure 3 shows the three impeller prototypes.

Figure 3. Impeller prototypes: L16H22 (left), L16H11 (middle) and L8H11 (right)

1861



3 EXPERIMENTAL SETUP
All three impeller prototypes and the baseline fan have been tested in a double reverberant room according to

test category A: non-ducted at inlet and outlet (Figure 4). The fan is mounted on a support, on the partition

between the two rooms of different sizes, the bigger room being on the inlet side. The auxiliary fan allows

adjusting the operating point of the test fan. The flowrate is measured with a multi-nozzle chamber while the

fan pressure is obtained according to ISO 5801 (11) with pressure rings in both reverberant rooms. The fan

sound power levels are determined in both rooms following ISO 13347-2 (12), using a rotating microphone in

the big room and 3 fixed microphones in the small one to make a spatial average of the sound pressure field

in each room.

Figure 4. Top view layout of the test facility (left) and view of the outlet pressure chamber with the fan

assembly (right)

For each prototype, the same assembly (base, inlet nozzle, motor as in Figure 4 right) has been used, with

only the impeller being replaced. The motor is connected to a variable-frequency drive (VFD) which allows to

change the speed from 1440 rpm (100% of the nominal speed) to 720 rpm (50% of the nominal speed). To

generate turbulence at the inlet, a grid has been manufactured. It has been made by laser cutting of a 3 mm

thick PMMA sheet. It is a square-mesh array of bars which are 10 mm wide spaced 50 mm. The grid has a

porosity of 36%, and is manufactured with a circular shape to cover the inlet nozzle while keeping the stiffness

of the sheet. It is installed directly on the inlet nozzle. The width of 10 mm will generate turbulence with an

integral length scale of around 8 mm according to Equation 18 from (13).

4 RESULTS AND DISCUSSION
The fan aerodynamic curves measured both with free inlet and grid are shown in Figure 5 (left). All the results

have been converted to a rotating speed of N = 1440 rpm and an air density of ρ = 1.2 kg/m3, which are very

close to the test values. The results for 720 rpm have not been presented for the sake of simplicity. With free

inlet, for all the serration configuration there is a pressure decrease with respect to the baseline impeller at low

flowrate, and a moderate pressure increase at high flowrate. In terms of pressure, the L16H11 impeller is the

best, followed by L8H11 and L16H22. The same hierarchy (Figure 5 right) is observed for the overall static

efficiency (ηeds = p f s ·qv/Ped where Ped is the electric power of the motor and VFD). The fan curves measured

with the inlet grid show a slightly different tendency, as the curves for the serrated impellers are lower than the

baseline at low flowrate, but not higher than the baseline at high flowrate. This suggests that the grid induces a

fan system effect, in addition to a pressure drop.

1862



0

50

100

150

200

250

300

350

400

500 1500 2500 3500

St
at

ic
 p

re
ss

ur
e 

 p
fs

(P
a)

 

Airflow  qv (m³/h) 

Static pressure-airflow, free inlet 

Baseline, free inlet L16H11, free inlet
L8H11, free inlet L16H22, free inlet
Baseline, grid L16H11, grid
L8H11, grid L16H22, grid

0%

5%

10%

15%

20%

25%

30%

35%

40%

45%

500 1000 1500 2000 2500 3000 3500

Ef
fic

ie
nc

y 
η e

ds
 (%

) 

Airflow qv (m³/h) 

Static efficiency-airflow at 100% 

Baseline, free inlet L16H11, free inlet
L8H11, free inlet L16H22, free inlet
Baseline, grid L16H11, grid
L8H11, grid L16H22, grid

Figure 5. Fan static pressure (left) and overall static efficiency (right)

The overall sound power level in dBA gives a general idea of the acoustic performance of the serrated impellers

for different operating points. As it can be seen in Figure 6, for a given impeller with free inlet the noise tends

to increase away from the BEP (which corresponds to a flow qv ≈ 2200m3/h). In terms of noise reduction, the

L16H11 impeller offers the best performance, followed by L16H22 and L8H11. For the grid configuration, the

noise always increases with the flow, with a maximum difference of about 10 dBA at 2800m3/h.
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Figure 6. Overall sound power level, inlet (left) and outlet (right)

Third octave band sound power spectra at inlet plot are shown in Figure 7 (the outlet results will not be

shown as they are very similar). Despite a noise increase around 80-100 Hz, the L16H11 impeller generates

an important noise reduction between 125 and 1000 Hz. The L16H22 impeller shows a similar behaviour, but

with lower noise reduction. Finally, the spectrum of the L8H11 impeller is the closest to the baseline. All

the serrated impellers induce a small noise increase over 1000 Hz. It has been observed that, as qv increases

this difference between the baseline and the serrated impellers at high frequency is reduced. At flowrate above

2600m3/h a noise reduction is observed with serrations, with values between 3-7 dB at maximum flow.
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Figure 7. One-third octave sound power level at inlet for all the impellers, qv = 2200m3/h

The impeller with the best noise performance, L16H11, is compared to the baseline, both with and without grid.

In Figure 8, for qv = 2200m3/h i.e. at BEP, we can clearly see the noise increase induced by the grid, specially

above 1000 Hz. Furthermore, we also observe that the serrations have no effect when the inlet turbulence

intensity is high, as the spectra of the baseline and L16H11 impellers overlap. This has also been observed for

the other impellers, and suggests that the chosen design criteria seems to be effective for the free inlet case (for

which it was optimised) but not when the inlet turbulence level is amplified.
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Figure 8. One-third octave sound power level at inlet for the baseline and L16H11 impellers, qv = 2200m3/h,

free inlet and inlet grid configurations
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Figure 9 shows the narrowband sound pressure spectra of all the impellers, for Δ f = 8Hz. This allows to anal-

yse and identify the most important peaks. The blade passing frequency and the first two harmonics are easily

identified (BPF, 2BPF and 3BPF). There is an important peak at 296 Hz, which amplitude is reduced by the

L16H11 and L16H22 impellers. Another peak at 576 Hz is also modified with the serrated impellers, being

completely cancelled with the L16H11 impeller. Finally, a peak at 768 Hz is not changed at all by the different

serration geometries. The peaks at 576 and 768 Hz correspond to 24 and 32 times the rotating frequency (24

Hz), but a further analysis is required to identify their origin.

BPF Peak
2BPF

3BPF

24N
32N

Figure 9. Narrowband sound pressure spectra at fan inlet for all the impellers, qv = 2200m3/h

5 CONCLUSIONS
A design and optimization of leading-edge serrations for a plug fan has been carried out in order to reduce the

noise. Three impeller prototypes with serrations were manufactured and tested to investigate their aerodynamic

and acoustic effects. Measurements were carried out under free inflow condition and with a grid generating

turbulence. Experimental results show that the impeller with the optimum design configuration yields the best

results in terms of air performance and acoustics. It seems that noise reduction appears to be more sensitive to

serration wavelength than to amplitude.

Overall, leading edge serrations tend to reduce noise under 1000 Hz but can increase the noise at higher fre-

quencies, depending on the operating point. The serrations reduce the broadband noise, but they also reduce

or even cancel some peaks. The installation of a grid at the fan inlet completely cancels the effect of the ser-

rations. This tends to confirm the validity of the design criteria, based on RANS simulations on the baseline

impeller.
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Abstract
In recent years, a trend towards modifications of the leading edge geometry in airfoils to reduce the sound emission and
improve the stall behavior has been observed. However, low-pressure axial fan design methodologies for a decreased
sound radiation rely almost exclusively on the use of fan blade skew rather than on leading edge modifications so far.
Therefore, with this study we aim to investigate the sound reduction capabilities of leading edge serrations applied to
low-pressure axial fans using the efficient perturbed convective wave equation. For this purpose, we use a reference
fan with straight leading edges and a fan with serrated leading edges that has been studied in experimental investiga-
tions before. The comparison of the CFD and CAA simulations with experimental results show excellent agreement.
Furthermore, we analyze the sound reduction mechanisms of leading edge serrations based on the CAA results. In
general, a sound reduction is obtained with leading edge serrations without influencing the fan operating point. The
study demonstrates the applicability of this aeroacoustic approach for axial fans with modified leading edges.
Keywords: Hybrid aeroacoustics, Numerical simulation, Leading edge serrations, Fan noise

INTRODUCTION
By increasing performance and efficiency, axial fans contribute to many technical systems encountered in ev-
eryday life, e.g. computers, cars, trains, ventilation systems, and powerplants. For example, to reduce the effect
of increasing temperature on humans in urban regions, the demand of cooling systems increases significantly
[1, 2]. Hence the number of axial fans and the sound emission rises in urban regions, which in turn also inter-
fere with our lives. To reduce the sound emissions of axial fans, there are several approaches among which the
application of leading-edge serrations shows promising capabilities. Therefore, we demonstrate the applicability
of aeroacoustic simulations and present an outlook towards hybrid aeroacoustic using the perturbed convective
wave equation [17].

1.1 Sound reduction with leading-edge serrations
Under distorted flow conditions with high turbulence intensity, leading-edge serrations of an airfoil effectively
reduce airfoil noise [3, 4, 5, 6, 25, 8, 9, 10]. Recently, the investigations support that the sound-reduction
mechanisms also apply for axial-fan blades.
A reduction of the sound power level of 2.3dB was observed with sinusoidal leading-edge serrations only on
the outer 20% of the blade span width [11]. A similar relationship was found for ducted, unskewed low-
speed axial fans with sinusoidal leading-edge serrations under various inflow conditions [12]. Sound is reduced
mainly below 2kHz and for serrations with the smallest wavelength and the highest amplitude, a maximum
overall reduction of 3.4dB was identified. Krömer et al. [13] performed a study on the sound emission of a
forward-skewed fan with sinusoidal leading-edge serrations of varying amplitude and wavelength under free and
distorted inflow conditions. Leading-edge serrations reduced the emitted sound for both inflow conditions. Based
on this study, a comprehensive investigation on different leading-edge modifications was carried out [14, 15, 16],
including sinusoidal, double-sine and random-amplitude serrations. The sinusoidal leading-edge serrations lead
to the most effective sound reduction, namely 7dB for distorted inflow conditions and 11dB for free inflow
conditions compared to the reference fan with straight leading edges. As indicated by Biedermann et al. [12],
the sound emission decreases with increasing serration amplitude and lower serration wavelength.
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1.2 Aeroacoustic model
For a deeper understanding of the physical processes causing the sound reduction, numerical simulations of the
flow and sound field are performed. Based on a highly resolved CFD simulation of the fan, radiated sound is
propagated by Ffowcs Williams-Hawkings analogy (FW-H) [18]. We used the implementation of Star-CCM+
(Siemens PLM software, Plano, TX/USA).
Besides FW-H, one can use a special hybrid aeroacoustic workflow for low Mach number applications. Starting
from the acoustic/viscous splitting technique [19], many different linear and non linear wave equations have
been derived [20, 21, 22, 23]. All these methods have in common that the flow field quantities are split into
compressible and incompressible parts

p = p̄+ pic + pc = p̄+ pic + pa (1)
vvv = v̄vv+ vvvic + vvvc = v̄vv+ vvvic + vvva (2)
ρ = ρ̄ +ρ1 +ρ

a . (3)

First, the field variables are decomposed into mean ( p̄, v̄vv, ρ̄) and fluctuating parts. Additionally, the fluctuating
parts are further split into acoustic (pa, vvva, ρa) and flow components (pic, vvvic). Finally, a density correction ρ1
is built according to (3). An ALE (Arbitrary Lagrangian-Eulerian) description for the operators

D
Dt

=
∂

∂ t
+
(
vvv− vvvr

)
·∇ , (4)

where vvvr is the relative velocity of the grid, yields the perturbed convective wave equation (PCWE) for rotating
systems (see [17])

1
c2

D2ψa

Dt2 −∆ψ
a =− 1

ρ̄c2
Dpic

Dt
. (5)

This scalar convective wave equation describes aeroacoustic sources generated by incompressible flow structures
and wave propagation through moving media, as it occurs in the axial fan configuration. Compared to other
convective wave equations, the PCWE reduces the number of unknowns (acoustic pressure pa = ρ̄

Dψa

Dt and
particle velocity vvva = −∇ψa) to just one scalar unknown, the acoustic velocity potential ψa. All computations
of the PCWE are exectued in CFS++ [24] and the modeling strategies for rotating system can be found in [17].

1.3 Motivation and outline
In this study, we aim to investigate the sound-reduction capabilities of leading-edge serrations by aeroacoustic
simulations. In Sec. 2, the fan design and the leading-edge parameters are outlined and the most important
facts of the experimental investigation are described. A comparison of the simulated noise reduction and the
measurement data is given Sec. 3. Final conclusions are drawn in Sec. 4.

EXPERIMENTAL INVESTIGATION
The experimental investigation used for the validation of the simulation results have been previously published
and are described in [15]. Upon that, we briefly describe the most important facts of these measurements.

2.1 Fan design
The investigated reference fan has straight leading edges and unskewed fan blades (see Fig. 1). Nine fan blades
are mounted on the hub (hub diameter dhub = 247.5mm) and the axial fan is operated at a constant rotational
speed n = 1486rpm. The outer diameter of the axial fan is dfan = 497mm. During the investigations, the fans
were installed in a duct with a diameter of dduct = 500mm, resulting in a tip gap stip = 1.5mm. As illustrated
in Fig. 1, the turbulent structures are controlled by a turbulence grid that is mounted inside the duct. Further
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Figure 1. Simplified axial fan with straight leading edges.

details on the fan design can be found in [14]. The laser-cut blades are made of t = 6mm thick aluminum
plates and have a constant stagger angle γ = 20◦ along the fan blade span without any camber or twist. The
stacking line of the blades connects the fan-blade leading edges that are centric towards the axis of rotation.

2.2 Leading edge parameter
Leading-edge modifications affect the aerodynamic and the acoustic properties of lifting sections. We use the
most common form of such modifications, that is, a sinusoidal leading edge. This sinusoidal modification can
be described by two leading edge parameters, the wavelength λLE and the amplitude aLE as a percentage of the
mean chord length lc = 69.6mm (see Fig. 2). Figure 2 shows the used leading-edge serrated fan blade used in
these investigations with the parameters being λLE = 16.7%lc and aLE = 6.7%lc.

λLE

aLE

fans were investigated. One fan blade of each fan blade set is shown in Fig. 3. Thereby, the mean chord length for all fan
blades is identical.

λLE

aLE

Fig. 2 Leading-edge sine parameters: amplitude aLE and wavelength λLE.

(a) USK (b) USK_A133λ67 (c) USK_A167λ67 (d) USK_A133λ100 (e) USK_A167λ100

(f) FSK (g) FSK_A133λ67 (h) FSK_A167λ67 (i) FSK_A133λ100 (j) FSK_A167λ100

(k) BSK (l) BSK_A133λ67 (m) BSK_A167λ67 (n) BSK_A133λ100 (o) BSK_A167λ100

Fig. 3 Fan blades with straight and sinusoidal leading edges: USK (a - e), FSK (f - j) and BSK (k - o).

Table 1 Leading-edge serration parameters.

name aLE in % lc λLE in % lc

A133λ67 13.3 6.7
A133λ100 13.3 10
A167λ67 16.7 6.7
A167λ100 16.7 10

5

Figure 2. Serration wavelength λLE and amplitude aLE for a sinusoidal leading edge (right) and a leading-edge
serrated fan blade A167λ67.

2.3 Experimental setup
All experimental investigations were carried out in a standardized inlet test chamber [14]. The fans were cased
by a short duct with a diffuser on the pressure side and an inlet bellmouth on the suction side. The fan motor
and a torque meter were installed outside the duct. Improving the measurement conditions, the measurement
chamber is built as an anechoic chamber with absorbers on the walls, the floor and the ceiling. To avoid
distinctive noise from rotor-stator interactions, four non-centric struts were used as fan support.

2.4 Sound field
Seven 1/2inch free-field microphones, type 4189-L-001 (Brüel & Kjær), connected to microphone conditioners,
type NEXUS 2690-A (Brüel & Kjær), arranged in a semicircle aligned with the axis of rotation (Fig. 3), were
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used to measure the sound field. A PXIe-1075 front-end with 24-bit PXIe-4496/PXIe-4492 data-acquisition
modules (National Instruments) was used for data acquisition. The measurement time was tm = 30s with a

M4: 0◦

M1: +90◦

M7: −90◦

M3: +30◦

M2: +60◦

M5: −30◦

M6: −60◦

100030
◦

Figure 3. Microphone positions, schematic (left) and photograph (right). Dimensions in mm.

sampling frequency fs = 48kHz. Further details on the measurement procedure can be found in [14].

SELECTED RESULTS AND DISCUSSION
This section visualizes aeroacoustic quantities based on an accurate CFD simulation and an aeroacoustic prop-
agation simulation. First, the sound sources of the flow simulation are determined and thereafter the sound
emission is computed using FW-H analogy and the PCWE. The analysis of the aeroacoustic sources on the fan
blades reveals the sound reduction mechanism. Due to unexpected issues, we show only results of the FW-H
analogy.

3.1 Impact of the leading-edge serrations on the aeroacoustic sources
In order to propagate sound using the FW-H analogy, we defined the fan surface as propagation origin and the
region where the main sources are located. Sources in the fluid region are neglected. Figure 4, comparing the

5.2 Ffowcs Williams-Hawkings Methode

direkt vor dem Ventilator befindet, sollen die Ergebnisse an dieser Position betrachtet und dis-
kutiert werden. In Abbildung 5.4 werden die ermittelten Oberflächenquellen am gesamten Lüfter
für beide Modelle dargestellt.

Abbildung 5.4: Quelltermformulierung nach der FW-H Methode am kompletten Lüfterrad zum
Zeitpunkt t=0,48 s für den Mikrofonpunkt Mic4.

Anhand von Abbildung 5.4 lässt sich bereits erkennen, dass das Referenzmodell deutlich mehr
Quellterme mit höheren Werten aufweist, als der Ventilator A167λ67. Für eine genauere An-
sicht wird in Abbildung 5.5 ein Lüfterblatt vergrößert dargestellt und anhand dessen weitere
Untersuchungen durchgeführt.

Abbildung 5.5: Quelltermformulierung nach der FW-H Methode am einzelnen Lüfterblatt zum
Zeitpunkt t=0,48 s für den Mikrofonpunkt Mic4.

Es wird ersichtlich, dass die Quellen besonders an den Blattoberflächen deutliche Unterschiede
aufweisen. Betrachtet man das Referenzmodell, so erkennt man, dass die auftretenden Oberflä-
chenterme über die gesamte Fläche im oberen Bereich der Schaufel auftreten. Im Vergleich dazu
treten beim Modell A167λ67 kaum dominante Quellterme auf der Saugseite auf. Ein Grund hier-
für könnte sein, dass durch die veränderte Vorderkantengeometrie die auftretenden Quellterme so
beeinflusst werden, dass diese sich gegenseitig auslöschen und somit über die Oberfläche zerfallen

51

Figure 4. Aeroacoustic source terms of the FW-H analogy of the reference axial-fan (left) and the leading-edge
serrated axial fan(right), with respect to M4 (see Fig. 3).
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aeroacoustic source of the two different blade types, shows a significant reduction in the source terms on the
suction side of the fan blade. As indicated in previous studies [25], the reduction is a result of the decorrelation
effect of the aeroacoustic sources. However, small sources are visible at the base line of the serrations and the
most dominant sources occur at the tip of the serrated blade.

3.2 Impact of the leading-edge serrations on the sound emission
In order to compare the measurement results and the simulation results, the sound field is exported at the seven
microphone positions during the simulation. The data is then Fourier-transformed and energetically averaged.
Figure 5 shows the averaged spectrum of the reference fan (left) and the leading-edge serrated fan (right). The
red graph denotes the measurements and the blue graph the simulated results, respectively. From the simulation
results of the reference fan we see that a maximum frequency of 5kHz is resolved, where the broadband noise
is generally underestimated since the volume contributions to FW-H are neglected. The first blade passing
frequency at 223Hz is captured well by the simulations. Overall, the trend of the sound emission is resolved.

Kapitel 5 Numerische Untersuchung der Akustik

und keinen größeren Einfluss mehr für die Schallabstrahlung darstellen. Diesen dekorrelieren-
den Effekt durch die Verwendung von serrations konnte bereits durch Lau et al. [8] bewiesen
werden. Betragsmäßig kleinere Quellen können dennoch am Grund der serrations festgestellt
werden. Das Lüftermodell A167λ67 weist den Schwerpunkt der dominanten Schallquellen am
äußeren Bereich der Schaufeln auf, welche höher ausfallen als die des Referenzmodells.
Die Darstellung der Oberflächenquellterme an den anderen Mikrofonpositionen ist der Vollstän-
digkeit halber im Anhang B für das Referenzmodell und in Anhang C für das Lüftermodell
A167λ67 zu finden.

5.2.2 Vergleich der Schallemission und Validierung

Um die in der Simulation erhaltenen Ergebnisse auswerten zu können, werden die Datensätze
der sieben Mikrofonpunkte exportiert und in Matlab über eine Fast-Fourier-Transformation vom
Zeitbereich in den Frequenzbereich übertragen. Im Anschluss werden die Frequenzdaten für die
sechs Umdrehungen energetisch richtig gemittelt.
In Abbildung 5.6 sind die gemittelten Spektren für das Referenzmodell REF dargestellt. Dabei
entspricht die rote Linie dem Spektrum der Messung und in der Farbe Blau ist das simulierte
Ergebnis aufgetragen. Die maximal auflösbare Frequenz beträgt circa 5000 Hz. Man erkennt,
dass gemessene und simulierte Ergebnisse gut übereinstimmen, wobei die Simulation den Breit-
bandschall leicht zu gering vorhersagt. Die erste Blattfolgefrequenz bei 223 Hz kann durch die
FW-H Methode gut abgebildet werden.
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Abbildung 5.6: Schallspektrum der Messung (rot) und des Lüftermodells REF (blau).
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5.2 Ffowcs Williams-Hawkings Methode
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Abbildung 5.7: Schallspektrum der Messung (rot) und des Lüftermodells A167λ67 (blau).

In Abbildung 5.7 sind die gemittelten Spektren für das Lüftermodell A167λ67 dargestellt. Dabei
entspricht die rote Linie dem Spektrum der Messung und in der Farbe Blau ist das simulierte
Ergebnis aufgetragen. Die maximal auflösbare Frequenz beträgt ebenfalls circa 5000 Hz. Des
Weiteren erkennt man, dass gemessene und simulierte Ergebnisse ebenso gut übereinstimmen,
wobei die Simulation den Breitbandschall auch zu gering vorhersagt. Es fällt auf, dass die ersten
sieben Blattfolgefrequenzen korrekt abgebildet worden sind aber der Pegel zu gering vorherge-
sagt worden ist. Im Vergleich zum Referenzmodell weist das Lüftermodell A167λ67 höhere tonale
Komponenten an der Blattfolgefrequenz und deren harmonischen auf. Dieser Effekt könnte da-
durch erklärt werden, dass durch die serrations die effektive Länge der Vorderkante größer ist
als beim Referenzmodell und somit auch eine größere Angriffsfläche für die auftreffende Strö-
mung bietet, was akustische Auswirkungen zeigt.
Zusammenfassend kann gesagt werden, dass vor allem der breitbandige Anteil der Schallemis-
sion des Lüftermodells A167λ67 durch den Einsatz von serrations reduziert werden konnte.
Betrachtet man beide Frequenzspektren, so kann geschlussfolgert werden, dass die Schallvor-
hersagemethode nach Ffowcs Williams-Hawkings die Blattfolgefrequenzen gut abbildet, jedoch
bei beiden Modellen einen leicht unterschätzten breitbandigen Anteil des Schalls aufweist. Dies
könnte daran liegen, dass für die FW-H Methode nur die Lüfterblätter und die Nabe als schall-
abstrahlende Oberflächen angegeben wurden. Betrachtet man den realen Systemaufbau mit
welchem die Messungen durchgeführt worden sind, so wird klar, dass auch die anderen Kompo-
nenten des Systems, wie zum Beispiel das Turbulenzgitter, an den erzeugten Schallemissionen
beteiligt sind.
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Figure 5. Comparison of simulation (blue) and measurements (red) of the averaged sound pressure level of the
reference axial-fan (left) and the leading-edge serrated axial fan(right).

Moving on to the discussion of the simulation results of the leading-edge serrated axial fan, the grid resolves
a maximum frequency of 5kHz. In general the trend of the sound emission is captured well and again the
broadband components are underestimated. The tonal components are well represented in the simulation results
and compared to the reference configuration the tonal components dominate the sound radiation. This increase
in the tonal components may be partly addressed to the increasing contour line of the leading-edge. However,
the broadband sound emission as well as the overall sound emission is decreased by the leading-edge serrated
axial fan.

CONCLUSIONS
According to the theory, we see a sound reduction of the broadband components in both the measurements
and the acoustic simulations. A comparison of the aeroacoustic sources on the fan blade shows a significant
reduction in the source terms on the suction side of a fan blade with leading-edge serrations. For a leading-
edge serrated axial fan, the tonal components become more dominant since the broadband sound emission is
substantially decreased. We attribute the slight underestimation of the broadband components to the neglected
volume terms in the FW-H formulation. The tonal components are well represented in the FW-H simulation
results. In the future, we will use the PCWE to compute sound emissions of leading-edge serrated fans and we
will compare the findings with the present study.
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ABSTRACT 
Forward-curved fans have been extensively used in various industrial and residential HVAC 

applications. Regarding their favourable characteristic properties, low noise emission and small size, 
forward-curved fans are used in various applications with requirement for high flow rates at moderate 
pressure and efficiency not being of primary importance. The shape of the fan’s inlet channel is 
heavily influenced by limited space available, which results in adverse flow aerodynamics, affecting 
the efficiency. So far poor efficiency of the forward-curved fan was usually attributed to the flow 
separation in the interblade channel at the shroud side. Such vortical flow occupies about a third of 
the rotor’s width, resulting in the interblade channel choking and thus efficiency reduction. This 
phenomenon was extensively researched by several authors, while the effects of inlet flow channel 
design on fan performance were rarely investigated. 

In the course of this study an improved inlet channel was designed. The prototype's performance 
and noise characteristics were determined and furthermore, local measurements of flow velocity using 
hot wire anemometry were performed. A novelty approach with psychoacoustic metrics adopted to 
velocity signal processing was used to improve the understanding of aerodynamic phenomena in the 
inlet channel. The findings exhibit distinct regions of adverse vortical flow which correlate to the 
integral performance of the fan. 
 
Keywords: Fan inlet channel, Aeracoustics, Local flow properties 

1. INTRODUCTION 
High rotor outlet to inlet ratio (about 3:1) and large number of short chorded blades (around 40) 

are the distinctive features of forward-curved (FC) fans. Despite their poor efficiencies, FC fans are 
commonly used in many domestic and industrial applications requiring high flow rates at moderate 
pressure increase, compact size, low noise emissions and low manufacturing costs. Wide area of 
application is probably the reason for vast research done on the topic of FC fans, most of which refers 
to phenomena close to the rotor. Only recently, a few studies refer to the lack of fan installation space 
and its accompanying phenomena, resulting in additional reduction of already low efficiency. None 
of those studies address the abrupt flow properties in the inlet channel, while most treat the inlet as 
open to the environment, also called free inlet configuration (not ducted).  

In his book, Eck [1] dedicated a chapter to FC fans, noticing the flow separation zone at the inlet 
of the fan and proposing a few design guidelines, while pointing out the lack of fundamental 
knowledge for design and calculations. Since then, several research groups worked on the field of FC 
fans and published several papers on the topic. Flow field in the rotor was investigated by Kind [2,3], 
who pointed out the complexity of flow patterns with substantial axial and circumferential 
nonuniformity caused by separating inlet flow, especially at flow rates below the best efficiency point 
(BEP). Tsutomu [4,5,6,] published a three-part study on the blade shape design, flow around the runner 
blade and volute casing design. The study is based on numerical and experimental investigation of 
different rotors and volute casings, from which optimal number of blades, blade angles, volute size 
and magnifying/circumference angles were obtained. Later, a research group from Oviedo University 
in Spain studied [7,8,9] aerodynamic and acoustic properties of FC fans, especially the double inlet 
ones used for automotive HVAC systems. They performed a series of numerical and experimental 
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studies, pointing out the effects of volute tongue design on the noise reduction and influence of 
operating point on highly nonuniform flow through the rotor. Simultaneously a research group from 
Amirkabir University of Technology, led by Montazerin also performed continuous research on the 
topic and based on their series of research papers in 2016 published a book [10] on developments in 
the field. The book covers all major aspects - inlet configuration, rotor and volute design, supported 
by experimental data acquired with laser doppler anemometer measurements and numerical modelling. 
Like Montazerin, Pham Ngoc Son [11] also investigated the effect of inlet geometry on the 
performance characteristics. The fans in the studies are all installed in the free inlet configuration, 
where inlet is opened to the environment and not ducted. The inlet design refers only to the inlet lips, 
as marked in the Figure 1. As shown in the results of the study, this relatively small portion of the 
inlet channel does not represent influential factor affecting fan characteristics. With respect to 
efficiency, Golamian [12] evaluates the effect of various flow straightener geometries, such as tubes 
and zig-zag plates at the inlet. The results show the negative effect on the pressure head and efficiency 
for any kind of straightener. With respect to lack of space, a study by Xuanfeng Wen et al. [13] 
addressed the effects of the discontinuous volute profile on the fan efficiency. Authors found, that 
such volute profile results in efficiency reduction and increased noise emission.  

 

Figure 1 - Typical flow pattern through a forward-curved fan. 

In conclusion, extensive work has been done on the topic since 1973, when Eck [1] pointed out the 
lack of research on the field. However, none of the research investigated the influenc e of ducted inlet 
configuration that commonly occurs with fans installed in various appliances. Moreover, the inlet 
channel is usually not straight but arranged at an angle to the axis of fan rotation, which in our 
experience results in additional efficiency reduction and increased noise emission. To evaluate its 
effects, we measured performance and noise characteristics of the fan in both free and ducted inlet 
configurations. Hot wire anemometry was used in the plane at the fan inlet to investigate the 
mechanisms causing the efficiency reduction. 

 Nowadays, psychoacoustic metrics became a frequently used tool for turbomachinery noise 
evaluation. However, we haven’t found a single example of these metrics to be used with non-acoustic 
signal analysis. Pressure and velocity fluctuations are strongly related in fluid flows, which lays the 
ground of adopting psychoacoustic metrics to velocity signal analysis. With that in mind, loudness 
(DIN 45631/A1), sharpness (DIN 45692), fluctuation strength and roughness [14] were used as a tool 
to interpret the flow properties affecting the efficiency and noise level. Based on the results, a new 
prototype of the inlet channel, which increased the fan's efficiency and reduced its noise emissions 
was built. 

2. MEASUREMENT APPARATUS 
The experiments were performed on a measurement rig, built according to ISO 5801 – installation 

of category B (free inlet and ducted outlet). The rig is schematically shown on the Figure 2 and 
consists of a test section with the fan installed in a spiral casing (Figure 2-1). The spiral casing was 
constructed according to guidelines introduced by Montazerin [10]. The differential pressure 
transducer used to measure the pressure increase over the fan was connected to the tapping marked 
with A on Figure 2-1 with the other port open to the environment. A 60 mm wide runner with 40 blades 
and diameter of 155 mm was used. It was driven by a 400W servo motor that provides a constant 
rotational frequency of 50 Hz, independent of the load (operating point) and enables the measurement 
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of the shaft torque. An orifice, installed according to ISO 5167 with flange tapings, was used to 
measure the flow rate (Figure 2-2) and an auxiliary fan and motorized throttle valve were used to 
provide a wide range of operating points (Figure 2-3). Noise characteristics were determined using a 
Norsonic Nor140 Sound Analyser, positioned 1 m away from the fan. The first part of the experiment 
consists of performance and noise characteristic measurement for each inlet configuration - free inlet, 
existing inlet channel (TD inlet) and the new inlet channel. 

For the second part of the experiment a 3-axis traversing system was built for the identification of 
the deterministic flow patterns in the inlet channel using three motorized linear rails driven by stepper 
motors. A miniature 1D hot wire anemometer, Dantec type 55P11 was mounted on the system and 
positioned perpendicular to the flow direction in 144 measurement points as shown in the Figure 2 – 
right. A 10 s time series of velocity signal was acquired at each measurement point with the sampling 
frequency of 25 kHz, using NI9222 module mounted on NI9147 cDAQ chassis. The measurement and 
positioning process were fully automated and performed using a software built in NI Labview 
environment. 

 

Figure 2 - Measurement rig, built according to ISO5801 (left) and schematic representation of the single 

wire anemometer setup with layout of the measurement points (right). 

In addition to existing inlet (Figure 3, left), a new inlet was designed based on the interpretation 
of flow patterns in the inlet channel. During the iterative research process of channel shape effect on 
performance, various designs were investigated. Moreover, two basic approaches were investigated. 
First, we designed an inlet that mimics the free inlet configuration but realized that this approach 
results in lower efficiency when compared to the existing inlet channel. Secondly, we adopted an inlet 
that guides the streamline of the fluid to the inlet opening, resulting in higher efficiency and lower 
noise levels (Figure 3, right). 

 

Figure 3 - Inlet channel development - existing design (left) and channel outline following streamlines 

(right). 
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3. RESULTS AND DISCOUSSION 
Results show a comparison of free inlet, the existing inlet and the new inlet configurations. Integral 

aerodynamic and acoustic parameters - performance and noise characteristics are evaluated in the first 
part and local properties of the inlet flow are investigated in the second part. 

3.1 Integral aerodynamic and acoustic properties 
Performance characteristics of free inlet and both ducted inlet configurations are shown in Figure 

4. All of them exhibit a distinct unstable area of operation up to about 200 m3/h. At higher flowrates 
the operation of the fan is stable for all inlet configurations. The phenomenon of partially filled 
interblade channels, causing the pressure increase in the case of FC fans with respect to fans with 
backward inclined blades for very low flow rates is well described by Eck [1 - p.114]. The stable part 
of the characteristics is well described with a fitted second order polynomial curve. Best efficiency 
point (BEP) occurs at 390 m3/h for free inlet configuration, 300 m3/h for existing and 340 m3/h for 
new inlet channel. Hydraulic efficiency at BEP is estimated to 50  % for free inlet configuration, 
37,5 % for existing and 41,5 % for the new inlet channel. 

 

Figure 4 - Performance and efficiency characteristics of the fan in free inlet configuration (black), with 

existing (red) and new inlet (right). 

Noise characteristics (Figure 5) with all inlet configurations exhibit lower noise levels at lower 
flow rates, while the lowest values don’t coincide with BEP as proposed by the fan noise theory. In 
the case of free inlet, the Leq(A) levels are generally higher with respect to the two ducted 
configurations, which is a consequence of the inlet channel acting as a noise shield. Therefore, these 
cases should not be directly compared. The comparison of the existing and new inlet channel exhibits 
a 2 dB(A) noise reduction at higher flow rates in the case of new inlet configuration, while the 
difference below 250 m3/h is negligible. The difference is attributed to the reduction of aerodynamic 
noise, since everything, but inlet channel geometry remained identical. In the case of the new inlet 
channel, noise reduction and thus efficiency increase is attributed to vorticity reduction and improved 
flow conditions in the inlet channel.  
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Figure 5 - Noise characteristics of the fan in free inlet configuration (black), with existing (red) and new 

inlet (right). 

The maximum efficiency limit, proposed by the free inlet configuration is still about 10  % higher, 
but an important step forward was made with the new inlet channel design. An investigation on 
mechanisms causing the efficiency increase was performed, results of which are presented in the next 
subsection.  

3.2 Local flow properties at the inlet plane 
Local flow patterns at the fan inlet were recognized using smoke visualization technique coupled 

with laser sheet illumination and later with hot wire anemometry. Based on the visualization results, 
three distinct regions were identified: well filled region with negligible vorticity (Figure 6 - A), 
turbulent eddy region with little throughflow (Figure 6 - B) and a region in between with a distinct 
continuous vortex (Figure 6 - C). Vortex C is assumed to be driven by the previous two, while regions 
A and B are set to the nature of the rotor and spiral casing. The photo in the Figure 6 – left was 
captured with existing inlet at 200 m3/h. The limitations of smoke visualization technique – dilution 
of smoke at high flow rates and view obstructed by the channel walls, make comparison of phenomena 
with respect to flow rate or inlet channel variation inconvenient. Hence the results of hot wire 
anemometry were used. 

   

Figure 6 - Visualization of the flow field in the existing inlet channel at 200 m3/h (left) and a scheme of 

flow field as interpreted based on the visualization (right). 

To describe flow dynamics in regions A, B and C, psychoacoustic metrics adopted to velocity 
fluctuation signal were used. Average values of velocity magnitude, turbulence intensity and four 
psychoacoustic metrics - loudness, sharpness, fluctuation strength and roughness are shown as a 
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function of flow rate in Figure 7. Results are shown as contour graphs (with equal scale range except 
for velocity distribution) of each variable distribution over the inlet area. The region marked with red 
colour represents the existing inlet while the new inlet channel is marked blue.  

Based on the velocity distribution, two distinct regions can be recognised – a region of high 
velocity at the left half of the inlet opening and a region of low velocity on the right, behind the volute 
tongue. This corresponds to the previous conclusion, based on the results of visualization. The high 
velocity region corresponds to the well filled region with negligible vorticity, while the low velocity 
region corresponds to the turbulent eddy region with little throughflow. The latter is also a region of 
high turbulent intensity, which corresponds to the previous assumption. In this manner loudness was 
found to provide additional insight on the fluctuation properties in the turbulent region, representing 
the level of velocity fluctuation. We can observe a slight reduction of loudness and sharpness in the 
area marked with A in the Figure 7, which is attributed to the contraction of the new channel at that 
exact place (Figure 3). It seems that the contraction guides the flow in a positive manner, reducing the 
vorticity in the turbulent eddy region (Figure 6 - B). 

 
Figure 7 - Local flow properties in the plane at the inlet of the fan for existing (red) and new inlet channel 

(blue) with respect to the volumetric flow rate. 

While loudness does not contain the information about the frequency band of fluctuation, sharpness, 
roughness and fluctuation strength were added. Sharpness is a hiss like property of sound, dominated 
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by energy at high frequencies. Increased levels of sharpness and thus dominant high frequency 
fluctuation typically occur in the turbulent eddy region, which shows similar spatial distribution to 
loudness. Therefore, a conclusion can be drawn that all turbulent regions contain high frequency 
fluctuations. 

The region between the well filled region and the turbulent eddy region, where a distinct 
continuous vortex occurs (Figure 6 - C) is indicated by elevated values of all psychoacoustic metrics, 
indicating broadband characteristic of fluctuation. This is the only region with elevated roughness and 
fluctuation strength, while the flow dynamics in rest of the inlet region is character ised by either high 
or low frequency. Roughness and fluctuation strength exhibit similar behaviour, indicating loudness 
modulation at frequencies under and over 30 Hz, respectively. In relation to aerodynamic phenomena, 
we attribute the region of increased fluctuation strength and roughness to the presence of large vortices. 
Large scale vorticity occurs due to high velocity gradient in the transitional area between well filled 
region with negligible vorticity (Figure 6 - A) and the turbulent eddy region (Figure 6 - B). At 350 
and 500 m3/h a slight reduction of fluctuation strength was observed with new inlet (Figure 7 - B), 
which could cause previously indicated efficiency increase and noise reduction.  

Elevated values of roughness and fluctuation strength occur at 100m3/h in the otherwise well filled 
region with negligible vorticity – left half of the inlet opening. The latter indicates presence of large 
scale vorticity, representative of low flow rates, choking the inlet channel and thus affecting the 
efficiency. 

Overall, low values of all psychoacoustic metrics occur at 200 m3/h, which is the flow rate with 
the lowest noise level. This phenomenon indicates the relation between the fluctuation intensity and 
the emitted noise. With respect to volume flow rate, a significant distribution alteration of all metrics 
was found at 100, 200 and 350 m3/h, while results at 350 and 500 m3/h don’t exhibit such alterations. 

CONCLUSION  
Forward curved fans are used in a wide variety of industrial and domestic applications and thus 

the well-studied in the past, while the problem of efficiency reduction due to abrupt flow conditions 
in the inlet channel was however not investigated. Our study was focused on the effect of the inlet 
channel geometry on the integral aeroacoustic properties of the fan and the determination of local 
flow properties, which were used to interpret variations among integral characteristics. The existing 
inlet channel was improved with a new one, resulting in a 4 % efficiency increase and 2 dB(A) noise 
reduction. Visualization with smoke and laser sheet illumination was performed, identifying three 
distinct flow regions: well filled region with negligible vorticity, turbulent eddy region with little 
throughflow and a region in between featuring a continuous vortex. Furthermore, traversing with a 
hot wire anemometer on the inlet plane was performed and velocity fluctuation signal processed in a 
manner to explain the flow patterns with respect to channel geometry and flow rate. A novel method 
of psychoacoustic metrics was adopted to velocity fluctuation signal. The method was found useful 
for flow pattern interpretation, indicating dominant fluctuation frequency band with respect to 
position in the inlet plane. The new inlet exhibits a reduction of high frequency fluctuation in the 
turbulent eddy area (Figure 7 - A) and vortex reduction (Figure 7 – B), causing the 4 % efficiency 
increase and 2 dB(A) noise reduction.  
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ABSTRACT 
The present paper deals with the direct and coupled simulation of the aerodynamics and aeroacoustics of a 
centrifugal fan connected to a suction-side test bench using the commercial Lattice-Boltzmann Code 
PowerFLOW of the Exa Corporation. The focus is on the variation of the mesh size in the finest grid 
resolution, which influence the time step immensely. The aim is to determine the smallest grid size in such a 
way that both the flow and acoustics of the centrifugal fan can be accurately predicted with an acceptable 
total computing time. In this study, three different mesh sizes for two different geometries of the finest 
resolution area will be investigated and compared.  
The results of the Lattice-Boltzmann simulation are compared and validated with measurement results 
obtained according to an ISO standard procedure at the Institute of Fluid Mechanics and Fluid Machinery at 
the University of Kaiserslautern. Flow information in term of the pressure increase of the centrifugal fan is 
well captured by the simulation. In addition, the noise is well predicted with respect to blade passing 
frequency and the general level of the spectrum at the considered microphone positions. 

Keywords: Lattice-Boltzmann Method, Centrifugal Fan, Aeroacoustics 

1. INTRODUCTION 
Due to market requirements and ever stricter guidelines, noise emissions of fans are becoming 

increasingly important in addition to energy efficiency. This applies in particular when people have 
to work near running fans. For this reason, the development of fans aims not only at more efficient 
running fans but also ever quieter fans. In order to keep the development process cost -effective and 
as short as possible, numerical investigations are used today. Classic numerical methods do not allow 
to calculate aerodynamics coupled with aeroacoustics. The Lattice- Boltzmann method is a relatively 
new method that promises to close this gap. It always solves for the unsteady flow field using 
relatively small time steps which allow for an accurate resolution of the alternating pressures that are 
responsible for the acoustics. This allows to solve the sound pressures directly without using an 
acoustic model. Also, the method is known to be low dissipative, which could be shown by 
Marié et al. (1). Therefore, the LBM is ideally suited for the simulation of aeroacoustics. A big 
advantage of the Lattice-Boltzmann method is also that it is more or less an immersed boundary 
method. Flow areas of complex geometry can be meshed without effortful geometry preparation, 
which leads to a huge time saving. 

Perot et al. (2) could show that the LBM can be used to determine the performance and frequency 
spectrum of an axial fan. Also Zhu et al. (3) and Sturm et al. (4) could successfully show that the 
aerodynamics and aeroacoustics for an axial fan with different head gaps and under different inflow 
conditions can be calculated with the commercial LBM code PowerFLOW of the company Exa.  There 
are also some studies on centrifugal fans where the performance and acoustics have been successfully 
calculated using PowerFLOW. The fans were connected on the pressure-side and the investigation of 
the influence of so-called obstructions was in focus. (5, 6) 

In this paper, the commercial Lattice-Boltzmann code PowerFLOW is used to simulate the flow 
and acoustics in a centrifugal fan without a volute casing connected to a suction-side test bench. A 
detailed mesh study is in focus. Two different geometries are selected for refinement because it has 
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been shown that the choice of the refinement zone has an immense influence on the results  especially 
regarding the acoustics. In the first case an offset of the impeller geometry is chosen for refinement, 
in the second case an addition donut-like ring in areas of high velocity is selected to set a finer 
resolution.  

For the validation of the LBM simulation, aerodynamic and aeroacoustics measurements are 
performed on the institute’s own fan test bench, which was developed according to DIN ISO 5801. 
The results of the LBM simulation are compared to the experimental results.  

2. FUNDAMENTALS OF THE LATTICE-BOLTZMANN METHOD 

2.1 Velocity Distribution Function 
In contrast to the Navier-Stokes equation, which is based on a macroscopic view, the Lattice-

Boltzmann Method uses a mesoscopic approach. A molecular consideration is taken in which the 
molecular movements are described statistically. The molecules themselves are characteriz ed by a so 
called velocity distribution function, which is given in Equation (1). 

 
(1) 

It describes the probability of finding dN molecules with a certain velocity d  at a certain point in 
space dV. 

2.2 Boltzmann-Equation 
The Boltzmann equation is a generally valid determination equation for the distribution function f. 

Due to the fact that it is a complex integro-differential equation, it cannot be solved even with modern 
methods. The derivation of the Boltzmann equation is based on the preservation of the particles in the 
phase space. The basis form in tensor notation is presented as  

 
(2) 

where f = f (x, ,t) is the above described velocity distribution function. The left side of Equation (2) 
contains the time and convective change of the distribution function as well as the change due to 
external forces Fi. The right side of Equation (2) describes the change of the distribution function due 
to interaction of the particles and is called the collision term. Since the collision term is composed of 
a complex integral, it is approximated by a much simpler mathematical approach. Often the so -called 
BGK model according to Bhatnagar, Gross and Krook (7) is used. This assumes that every non-
equilibrium condition leads to an equilibrium condition, cf. Equation (3) 

 (3) 

 describes the molecular collision frequency and indicates the number of transitions from non -
equilibrium to equilibrium per time interval t. f stands for the non-equilibrium distribution and feq for 
the local equilibrium distribution. The equilibrium distribution is equal to the Maxwell distribution. 
(8, 9) Using the BGK model (7) for the collision modeling and a Chapman-Enskog development (8) 
the Boltzmann Equation in Equation (2) recovers the Navier-Stokes equation. 

2.3 Lattice-BGK-Equation 
In order to solve the BGK-Boltzmann equation numerically, a discretization in time and phase 

space has to be applied. In the latter case, a spatial discretization of the Cartesian space into an 
equidistant mesh is performed, cf. Figure1. Each mesh cell is called a lattice.  

In addition to the spatial discretization, the velocity is discretized to predefined velocity directions. 
In the three-dimensional case, model D3Q19 is often used. This is also implemented in PowerFLOW. 
The model works with i = 19 defined directions, which are indicated by i in Figure 1. 

The discrete BGK-Boltzmann equation presented in Equation (4) is called the Lattice-BGK or the 
LBGK equation. 

 (4) 

The equation indicates that a calculation step consists of a transport step   and a collision 
step . Algorithmically, these two steps are usually calculated separately for 
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each velocity i in each lattice per time step. In an explicit procedure the new distribution functions 
fi(x,t) for the next time step  can be determined. 

   

Figure 1 – Spatial discretization (left) and model of D3Q19 of the velocity discretization (right) 

 With the known distribution function f (x, t) the macroscopic quantities of interest can be 
calculated by determining the so-called moments. It is shown in Equation (5) and (6) exemplary for 
the calculation of macroscopic density and velocity. 

    
(5) 

  
(6) 

2.4 Selection of Timestep 
The timestep selection is based on the fact that a particle moves with the velocity 0 in one timestep 

exactly one lattice length x. The particle velocity   is determined by the so-called 
simulation Mach number  with the characteristic velocity cchar and the isothermal 
speed of sound cs. The timestep t can thus be determined from  

 
(7) 

whereby the simulation Mach number  in only a scaling factor with which ensures that the 
characteristic velocity cchar is one scale order smaller than the speed of sound. (8) In the case of 
acoustic problems, the simulation Mach number  is set equal to the physical Mach number 

, so that the time step is ultimately only dependent on the grid size x. 

3. EXPERIMANTAL SETUP 

3.1 Test Rig 
The experimental investigations were performed on the fan test rig in the anechoic room of the 

Institute of Fluid Mechanics and Fluid Machinery of the University of Kaisers lautern. It is a suction-
side chamber test bench, which is developed according to DIN EN ISO 5801 and is schematically 
shown in Figure 2. 

The test bench consists of two main components: the inlet section and the suction chamber. The 
inlet section includes an inlet nozzle, a diffusor, a throttle and a pipe section. All components of the 
inlet section with the exceptions of the pipe section, which connects the inlet section with the suction 
chamber, are located outside the anechoic room. This should ensure that the noise, which is generated 
by the throttle, is decoupled to the acoustic measurements of the fan. In addition, perforated discs 
according DIN EN ISO 5136 are used, which allow low-noise throttling due to the uniform distribution 
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of the holes. The inlet nozzle, at which the differential pressure p0 is measured, is used to determine 
the volume flow. The differential pressure p1 is acquired to determine the pressure increase of the 
fan. Furthermore, the temperature and the ambient pressure in the anechoic room, which are used for 
the physical conditions in the simulation, are recorded. The sound pressure is measured on a 
hemisphere behind the fan connected to the suction chamber. As in the simulation, the sound pressure 
and aerodynamic parameters are measured simultaneously.   

   

Figure 2 – Schematic of the fan test rig (left) and investigated centrifugal fan (cf. (10)) (right) 

3.2 Measurement Technique 
The aerodynamic of a fan is quantified by the pressure increase and the efficiency. The values are 

calculated according to DIN EN ISO 5801. In Equation (8) the formula for the static pressure increase 
of the fan is given. The indices 1 and 2 indicate the position of the evaluation position upstream and 
downstream of the fan, whereby the ambient pressure pamb is be assumed for the pressure pst2. 

 (8) 

The aeroacoustics of a fan is determined by the sound pressure level Lp as well the total sound 
pressure  obtained from the frequency analysis. The quantities are defined according DIN 45635-
1 and are given in Equation (9) and (10) with p as the alternating pressures and p0 as the reference 
sound pressure level.  

   
(9) 

  
(10) 

4. NUMERICAL SETUP AND PARAMETER 
The commercial LBM-Code PowerFLOW 6-2019 is used to compute the unsteady flow field and 

the acoustic of a centrifugal fan without the volute casing. Because the pressure loss of the screens 
and the honeycomb inside the suction chamber are not known until now the simulation area starts at 
the pressure measurement location p1, cf. Figure 2 and 3. The overall simulation area includes the 
anechoic room; foams at the walls are modelled with so-called sponge zones, where the viscosity is 
increased over three layers. A velocity boundary is selected as the inlet boundary condition. The 
velocity corresponds to the mean velocity resulting from the measured volumetric flow. At the 
boundaries of the overall simulation area a pressure outlet is set. The rotation of the fan is modelled 
by a local reference frame (LRF) with the sliding mesh approach using the rotating speed obtained by 
the measurements. 

Several variable resolution (VR) regions are used to refine the computational domain, some of 
them are shown in grey in Figure 3. Two different studies of the geometry for the finest resolution are 
compared: In the first case the refinement for the grid study is done by an offset of the impeller 
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geometry. The offset is chosen so that the gap between the impeller and the impeller  inlet nozzle is 
also refined and the flow can be dissolved. In the following, this method is referred to as “Offset” 
refinement.   

 

  

Figure 3 – Simulation model (left) and measurement locations (right) 
In the second case the refinement is done by a ring which resolves the high velocity regions at the 

impeller’s outlet and the gap between the impeller and the impeller inlet nozzle. In the ensuing, this 
case is named as “Donut” refinement. Three different meshes will be studied for the two different 
refinement cases - one fine mesh with finest cell size of x =0.2 mm, one medium with x = 0.4 mm 
and one coarse with x =0.8 mm.  

In Figure 3 the positions of the microphone locations are shown on the right side. The grid 
resolution of x5 = 12.8mm is determined in the area of the microphone positions. According to 
Brès (11) et al., at least 12 – 16 grid points per wavelength should be selected for the propagation of 
sound waves, which results to a maximum cutoff frequency of around fmax = 1.7 kHz – 2.2kHz.  

 

   

Figure 4 – Mesh with offset refinement (left) and with donut refinement (right) 
In Figure 4 a section of the discretization of the computational domain in a cross-sectional area 

through the impeller main axis for the two different refinement cases representative with the medium 
mesh are shown. In Table 1 the total number of voxel of the different meshes is presented.  

For the simulation Mach number, the real physical Mach number is used, which leads to a Mach 
number of approximately Masim = 0.1. 

Table 1 – Total number of voxels of the different meshes 

Mesh size Offset Refinement Donut Refinement 

Coarse (0.8 mm) 26.6 x 106 9.7 x 106 

Medium (0.4 mm) 35.0 x 106 31.3 x 106 

Fine (0.2 mm) 106.1 x 106 183.7 x 106 

The simulation is executed over a physical time of approximately 0.85 s. Convergence is archived 
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after approximately 0.2 s physical time, which corresponds to approximately 12.0 impeller revolutions. 
The evaluations are made over a signal time of 0.65 s. The simulations are performed on 
Intel XEON E5-2670 processors in case of the offset refinement and on Intel  XEON SP 6126 in case 
of the donut refinement. In Table 2 the CPU-h per impeller revolution are listed for the different 
meshes. 

Table 2 – CPU-h per impeller Revolution for the different meshes 

Mesh size Offset Refinement Donut Refinement 

Coarse (0.8 mm) 99.2 71.3 

Medium (0.4 mm) 291.4 298.4 

Fine (0.2 mm) 2103.6 2642.1 

5. RESULTS 
In order to make the results comparable to the measurements, the same settings for the evaluation 

of the power spectrum are used for simulation and measurement, cf. Table 3.  

Table 3 – Settings for evaluation of the power spectrum 

Parameter Settings 

Frequency resolution 6.25 Hz 

Window Hanning 

Signal length 0.65 s 

Window overlapping 50 % 

Averaging  linear 

In Figure 5 on the left side the fan’s pressure increase is presented over the different mesh sizes 
for the two refinement approaches “Offset” and “Donut”. In both approaches the simulation results 
converges to the experimental values with finer mesh. The deviation between the fine mesh and the 
medium mesh as well between the two refinement approaches are very small, but better  results are 
obtained by the donut refinement. With that refinement case and the fine mesh an absolute deviation 
of approximate 8 Pa is achieved which correspond to a relative deviation of 2 %. The greatest 
deviation is around 10 % with the coarse mesh. 

  
Figure 5 – Pressure increase (left) and total sound pressure (right) over the mesh size 

The total sound pressure level is also shown in Figure 5 on the right side. Here, the choice of 
refinement geometry has a greater influence on the results. Best results are received by the fine and 
medium mesh with the donut refinement where the relative deviation is around 1 - 2 %. The deviations 
of the offset refinement are up to 6 % compared to the experiment.  
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To better understand where the deviations are exactly, the sound pressure above the frequency is 
shown in Figure 6. On the left side the power spectrum of the offset refinement is presented and on 
the right of the donut refinement. Areas above the cutoff frequency, which results from the grid 
resolution in the area of the microphone positions, are marked in grey. Also the blade passing 
frequencies (BPF) is marked as grey dotted line.  

In both cases, the coarse mesh does not reproduce the acoustics of the fan well. A similar shape as 
with the coarse mesh can also be achieved with the medium mesh with offset refinement (cf. Figure 6, 
left). There is a drop of the spectrum noticeable starting at approximately 800 Hz with those three 
meshes. This indicates that the flow in high velocity regions, which is discretized with 0.8 mm cells, 
is not completely resolved. No cutoff frequency in the range of 800 Hz is detectable with the fine 
mesh and the medium mesh with donut refinement, which seems that a cell size of 0.4 mm is sufficient 
to resolve the high velocity areas.  

 With all meshes except the fine mesh with offset refinement, the blade passing frequency is 
captured very well. The best agreement can be obtained by the medium mesh. The coarse mesh slightly 
overestimates the amplitude of the blade passing frequency and with the fine mesh it is slightly 
underestimated. So in total, the results show that a simple offset refinement is not sufficient to depict 
the acoustics correctly.  

 
Figure 6 – FFT of offset refinement (left) and donut refinement (right) with different mesh sizes 

If the accuracy of the simulation results is considered together with the computation time, which 
is given in Table 2, it turns out that the best compromise between accuracy and computation time is 
available with the medium mesh and the donut refinement. The flow in the form of the pressure 
increase of the fan is still represented with an accuracy of 3 % and the acoustics in the form of the 
total sound level with approximately 2 % deviation in comparison to the experiment. The blade 
passing frequency and the general sound power level except in the range of 500 Hz and 800 Hz are 
very well achieved. It is assumed that the overestimation can be explained by the fact that the boundary 
layer of the impeller surface with 0.4 mm is not as well resolved as with 0.2 mm.  However, this needs 
further investigations. 

6. CONCLUSION AND OUTLOOK 
In this paper a direct and coupled simulation of the aerodynamic and aeroacoustics of a centrifugal 

fan with the commercial Lattice-Boltzmann Code PowerFLOW was executed. A mesh size study, 
where the finest cell size was varied, was performed. Two different geometries to set the finest cell 
size was analyzed and compared. It could be shown that the shape of the refinement geometry has an 
influence on the results, especially on the acoustics. A simple offset of the impeller geomet ry is not 
sufficient for the refinement to reproduce the acoustics by the simulation, but improvements in 
performance can be observed. Very good results can be achieved if, in addition, a refinement in the 
form of a donut-like ring geometry in the range of high velocity areas is taken into account. Best result 
regarding accuracy and computational effort can be obtained with a medium mesh  with a cell size of 
0.4 mm with the donut-like ring refinement.  

In future investigation additional centrifugal fan’s operating points could be analyzed and the case 
setup could be extended to include also the volute casing. In addition, geometry changes can be made 
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to the volute casing in order to determine whether these can also be reproduced with the Lattice -
Boltzmann simulation. In addition to these points, the simulation and the measurement are compared 
under visual aspects in order to gain a deeper understanding of the noise generation mechanisms.  
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NOMENCLATURE       
Symbols Subscripts and Greek Symbols 
c Velocity 1 Inflow 

f Frequency 2 Outflow 

f Velocity distribution function amb Ambient 

Lp Sound pressure char Characteristic 

Ma MACH Number eq Equilibrium 

p Pressure fa Free blowing 

po Reference sound pressure level x Lattice size 

Q Volume flow Density 

t Time Velocity of particles 

u Circumferential velocity Collision frequency 
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ABSTRACT
Taking the multi-blade centrifugal fan in an air-conditioning system as the object, the three-dimensional
modeling of the internal fluid of the fan is carried out. The steady-state and non-steady-state calculations
are carried out in the CFD software, obtaining the internal flow field information, with the calculation
result imported into noise estimation which was performed in the LMS Virtual.lab. Besides, the accuracy of
the fan aerodynamic noise calculation was verified against the experimental results. Through the analysis of
the mechanism of the aerodynamic noise of the fan, the main noise source of the aerodynamic noise of the
fan is located at the impeller and is closely related to its internal flow field distribution and its structure. For
the fan products that have been put into production, it is difficult to modify the main structure including the
volute, the impeller, the blade size, etc., and only local structure can be redesigned to achieve the purpose
of noise reduction. Therefore, the blade perforation design is adopted. By setting reasonable perforation
parameters, the eddy current shedding around the blade can be reduced without changing its performance,
so as to reduce the pressure pulsation of the blade surface and the aerodynamic noise of the fan.
Keywords: Centrifugal Fan; Aerodynamic Noise; Blade Perforation

1. INTRODUCTION
The air conditioning system fan has the problems of large vibration and high noise, but in order to

ensure the good air circulation, the fan needs to ensure efficient operation at all times. Continuous
noise can make people feel upset and unable to concentrate, and in severe cases, it can cause harm to
people's hearing, vision, nervous system and so on. Studying the causes of fan noise and its
prevention methods are of great significance to improve the quality of the work environment.

Due to the complexity of the flow field dynamics of the fan and the limitation of experimental
cost and conditions, the flow field simulation of the fan based on CFD theory is gradually adopted,
which becomes an important means to figure out the optimization of the flow field and noise
estimation of the fan. Carlos Pérez Arroyo[1]explained the mechanism of fan noise generation.
Literature[2~4]accurately predicted the noise of uneven blade fan and made noise reduction design
from the structural point of view. Subagyo[5]made an accurate calculation of the optimized fan
noise.Alexej Pogorelov[6] introduced in detail the calculation method of flow field and sound field of
axial flow fan.Sheryl[7] compared the broadband noise of different fan models For the fan products
that have been put into production, it is difficult to make major changes to its main structure.This
paper explores the use of blade perforation design, by setting reasonable perforation parameters,
reducing the eddy current shedding around the blade under the condition that the fan performance is
basically unchanged, so as to reduce the pressure pulsation of the blade surface to reduce the
aerodynamic noise of the fan, and provide a method for fan noise reduction reference.

2. MODEL BUILDING AND MESHING
The fan of this paper is a multi-blade centrifugal fan of an air-conditioning system. The structure

1 1075175743@qq.com
2 yxiang@whut.edu.cn
3 853958641@qq.com
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is mainly composed of impeller, volute and wind collector. Create a 3D physical model in
Solidworks as shown below.

Figure 1 Basic structure of the fan model Figure 2 Blade physical model
The basic parameters are shown in Table 1.

Table 1 Basic parameters of the fan

Rotating

speed

（rpm）

Number of

blades

Outer

diameter of

the

impeller

（mm）

Inner

diameter of

the

impeller

（mm）

Diameter

ratio

Impeller

length

（mm）

Volute

width

（mm）

960 47 260 214 0.82 254 306

Based on the structural model, the internal fluid model of the fan is established, and it is meshed
by ANSYS ICEM. The automatic body mesh, that is, the unstructured mesh is used to divide the
tetrahedral mesh. In this paper, the frequency is about 3500 Hz. Under the condition that there are at
least 6 units in a single wavelength, the mesh is encrypted at the impeller, blade and their interface.
The total number of meshes is 8801375.

3. Flow field simulation

3.1 Calculation parameter settings
The multi-reference system model is used to simulate the internal flow path of the fan, and the

flow field and the static field are solved simultaneously. The flow field information of the two
sub-areas is transmitted through the shared interface and affect each other. The moving zone and the
quiet zone adopt different coordinate systems, the moving zone adopts a rotating coordinate system,
and the quiet zone is a stationary coordinate system. The impeller area and the central area are
defined as the rotating area, and the rotating coordinate system is used, and the fluid is given a
corresponding rotating speed.

Although the target fluid is air, it can be regarded as an incompressible gas due to its change in
the negligible density in this environment. The selection of the turbulence model is due to the
equivalent diameter of 0.188 m at the nozzle and the Reynolds number of 431891. A full turbulent
Reynolds number far greater than 4000. Therefore, the k-ԑ standard turbulence model is selected, and
the model is only effective for the high Reynolds number flow field model which is completely
turbulent. Select the entry for standard initialization and perform 1500 iterations until convergence.

3.2 Flow field result analysis

3.2.1 Velocity field result
The axial speed streamline diagram of the fan is shown in Figure 3. At the corner of the impeller

exit near the fan rear disk area, due to the sudden expansion of the flow path area, two vortex areas
with opposite rotation directions appear; due to the influence of centrifugal force, A region near the
inside of the volute forms a secondary flow; on the side near the exit of the volute, there is also a
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vortex region in the front disk region behind the intake port. From the radial velocity cloud analysis
of the fan in Figure 4, the flow velocity increases near the surface of the fan impeller and near the
bottom of the impeller and the volute, and the velocity distribution is not symmetrical as a whole.
The asymmetry of this flow may be caused by the asymmetry of the volute shell structure.

Figure 3 Axial velocity streamline diagram Figure 4 Radial velocity distribution

3.2.2 Pressure field result
From the radial pressure cloud diagram of the fan in Fig. 5 and the pressure distribution on the

blade surface of Fig. 6, it is known that the inner surface of the impeller has a small pressure rise
near the shaft, the pressure near the inner surface of the volute is higher than the inside of the volute,
and the pressure of the outlet pipe gradually increases along the exit direction. rise. The impeller
rotates to work on the inflowing gas, and the impeller increases from the inlet to the outlet. The
impeller and the vane rotate in a clockwise direction, the outer surface pressure is slightly greater
than the inner surface pressure, and the closer the relative position is to the volute, the greater the
pressure.

Figure 5 Radial pressure distribution Figure 6 Leaf surface pressure distribution

4. Fan noise prediction and noise reduction research

4.1 Noise prediction
Based on the steady state results of the flow field, the large-eddy simulation LES is used to

calculate the transient results of the flow field, and then the transient flow field result is imported
into the CGNS file form, but the sound field of the fan is calculated in the acoustic software of LMS
Virtua.lab. The noise simulation uses the noise comparison model FW-H[8]. According to the
derivation process of the Lighthill equation, the FW-H equation can be derived:

2
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0

1 [ ( )] [ ( )]
c

ij
j j ij j

i i i j
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t x t x x x

    
     
   

     
(1)

Where:c0——the far field sound velocity; p ——the sound pressure at the observation point; i jx x —
—the two coordinate components of the control plane; 0 ——density; j ——the normal vector outside
the control plane; jv — — the speed of the control plane; ( )f — —Dirac function; ijp — — Stress
tensor; ijT —— Lighthill tensor.

From the classification and summary of the mechanical aerodynamic noise source of the impeller,
it is divided into a monopole noise source, a dipole noise source and a quadrupole noise source[9].
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The monopole noise source (blade thickness noise) is not the main noise source of the turbomachine,
and its noise radiation level is not large and can generally be ignored. In addition, from the basic
theory of aerodynamic noise, the acoustic intensity of the kinetic radiation noise of the dipole is
proportional to the sixth power of the fluid velocity, while the acoustic intensity of the pulsating
stress of the quadrupole radiates noise and the eighth power of the fluid velocity. In proportion, the
experimental measurements further show that the random noise of the impeller is proportional to the
flow velocity of the sixth power. Therefore, the random acoustic radiation generated by the
quadrupole pulsation stress can be neglected compared with the acoustic radiation generated by the
pulsating pressure of the dipole.

The selected blade model is imported into virtual.Lab, and the fan sound source is defined. Since
the blade length is 254 mm, the blade is equivalent to the rotating dipole, and the size needs to be
smaller than the acoustic wavelength, so as shown in Figure7. Each blade is divided into 15
segments, each segment being equivalent to a source of 16.9 mm.

Figure 7 Blade segmentation applied dipole
The simulation field is set at a distance of 1 m from the center of the fan to calculate the fan noise,

and another monitoring point is set at 0.45 m from the axial center of the fan to calculate the fan
radiated noise.

4.2 Noise estimation result analysis
Table 2 shows the calculated sound pressure value of the fan under different working conditions

and the measured sound pressure value of the fan manufacturer. It can be seen that under the
influence of the actual environment and manual operation, the error between the simulated data and
the measured value is within 2 dB. It shows that the simulation method is basically reliable in this
process.

Table 2 Fan noise comparison

Q（m3/h） 1547 1815 2101 2352 2587

Noise calculation（dB） 59.68 60.76 62.24 63.35 64.08

Noise measured value（dB） 58 59 60.5 62 62.5

The blade passing frequency BPF=N*r/60, where ‘N’ is the number of blades rotor 47, ‘r’ is the
speed 960r/min, and the calculated blade fundamental frequency is 752HZ. Figure 7-10 shows the
sound pressure distribution of the field point and the sound pressure distribution on the surface of the
volute at the blade passing frequency and its harmonic frequencie. The sound field point is directly
above the fan exit direction. At 752HZ, the sound pressure is rapidly attenuated along the exit pipe.
Ineffectively propagates along the direction of the outlet pipe. As the frequency increases, the sound
pressure gradually propagates outward. This is because when the pipe section is large or the sound
frequency is high, the sound propagation path will change, not completely along the pipe axis spread.
At each frequency, the sound pressure value of the part near the impeller and the volute is generally
higher than other positions, which is closely related to the steady flow field distribution at the
intersection of the impeller and the volute.
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Figure 7 (752Hz) field sound pressure Figure 8 (1504Hz) field sound pressure

Figure 9 (752Hz) volute surface sound pressure Figure 10 (1504Hz) volute surface sound pressure

4.3 Fan noise reduction design
In order to reduce the eddy current noise of the fan, the method of blade perforation is adopted to

reduce and suppress the generation of eddy current detachment. In this paper, the fan blade width is
20mm, and 15 holes with a diameter of 3mm are evenly distributed on the blade axis. The design is
to reduce the influence of structural asymmetry on noise, and at the same time reduce the impact of
the aerodynamic performance of the fan as much as possible. Adopting a small aperture design also
ensures that the blade does not suffer from insufficient strength. The final perforation model is
shown in Figure 11:

Figure 11 Blade perforation model
Repeat the above method and process to calculate the flow field and noise of the fan after

piercing. Figure 12 is a streamline diagram of the vortex intensity of the fan before and after the
perforation. By comparison, it is found that the partial airflow of the blade perforation flows directly
from the working surface to the non-working surface, so that the boundary velocity distribution of
the non-working surface is improved, and the occurrence of eddy current detachment is suppressed.
The turbulence intensity in the exhaust runner after the perforation of the fan is significantly lower
than that before the perforation. The turbulence intensity of the section before perforation is in the
range of 21.3~53.2, while the turbulence intensity of the section after perforation is mostly less than
21.3. It can be seen that the perforation of the fan blades reduces the turbulence intensity of the
airflow.
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Figure 12 Eddy current intensity streamline diagram before and after perforation
Figure 13 is a comparison of the sound pressure level spectrum of the monitoring points before

and after the perforation. The trend of the sound pressure spectrum of the monitoring points before
and after the perforation is basically the same, and the noise of the fan after perforation is
significantly reduced.

Figure 13 Monitoring sound pressure before and after perforation
Table 3 shows a comparison of the sound pressure levels before and after the 1/3 octave center

frequency point is punched. It can be more intuitively seen that after the fan is pierced, the A sound
level can be reduced by 3~5dB, and the overall noise of the fan can be reduced to below 60dB.
Although there is an increase at 2500 Hz and 3150 Hz, the sound pressure level is lower in the range
of 2500 Hz to 3150 Hz, which has less effect on the total sound level of the fan. The reason for the
increase in noise in the high frequency band is that airflow regenerating noise is generated when the
working surface airflow flows through the small holes after the perforated blades are used.
Reasonable optimization of perforation parameters can effectively suppress airflow regeneration
noise.

Table 3 Sound pressure comparison

Center

frequency

(Hz)

31.5 63 125 250 500 800 1000 1250 2000 2500 3150

Original

fan(dB)

66.

44

64.

37

57.

13

52.

67

52.

58

52.

77

51.

52

52.

80

51.

90

49.

04

48.

80

Perforated

blade fan(dB)

61.

46

59.

56

53.

01

50.

21

50.

32

51.

08

50.

79

52.

13

49.

24

51.

19

50.

00

At the same time, the performance of the fan before and after the perforation is compared. From
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the flow-static pressure curve of the fan before and after the perforation in Figure 14, it can be seen
that the static pressure of the two models decreases with the increase of the flow rate in the whole
watershed; After perforation, part of the gas does not work through the rotor, resulting in a smaller
static pressure rise than the prototype fan, but at the design operating point Q = 2101 m3 / h, the
pressure difference between the two fan models is basically the same. Figure 15 shows the
flow-efficiency curve of the fan before and after the perforation. It can be seen that the two fan
models have the same trend in the working flow range. The efficiency increases first and then
decreases with the increase of the flow rate. After the perforation, the working efficiency of the
model decreased slightly overall, but in the vicinity of the best operating point, the efficiency values
of the two models reached the maximum and the difference was only 0.4%. The model after
perforation can meet the actual working requirements.

Figure 14 Flow-static pressure curve Figure 15 Flow-efficiency curve

5. CONCLUSIONS
According to the numerical calculation results, the flow field law of the fan is analyzed, and the

causes of the aerodynamic noise of the fan are summarized. The accuracy of the calculation method
is verified by comparison with experimental values of sound pressure. Comparing the sound pressure
level, flow-static pressure relationship and flow-efficiency relationship of the fan monitoring points
before and after the blade perforation design, the following conclusions are drawn:

a) Fan noise is closely related to the intensity and quantity of eddy current in the flow field. The
fluid flows from the working surface of the blade to the non-working surface. Due to the speed
difference, a large number of eddy currents are generated at the edge of the blade, resulting in an
increase in fan noise.

b) After the perforation of the blade, part of the airflow flows directly from the working surface
to the non-working surface, so that the boundary velocity distribution of the non-working surface is
improved, and the occurrence of eddy current detachment is suppressed. The turbulence intensity in
the exhaust runner after the fan is perforated is significantly lower than that before the piercing, so
the fan noise is significantly improved compared with the previous one.

c)Although the static pressure and efficiency are smaller than the prototype fan after the blade is
perforated, the pressure and efficiency differences of the two fan models are small in the vicinity of
the design operating point. The fan performance can be minimized by further optimizing the
perforation parameters. Therefore, under the condition that the performance of the fan is reduced, the
reasonable perforation design can effectively reduce the fan noise.
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ABSTRACT 

Recent guidelines for marine mammal protection like those in the US or in Denmark impose dose-based 

criteria that require to accumulate the noise received by a marine mammal over time. Compared to a static 

receiver, fleeing animals receive a significantly lower noise dose because they move away from the zone of 

noise impacts. Animal movement models can therefore be useful to predict more realistic noise impacts on 

marine mammals. In addition, noise sources are not always static. During seismic exploration for example, 

air guns are towed behind a vessel and the locations of the air gun sounds are changing with the forward 

movement of the vessel. Here we present a feasible solution for noise impact assessments that compromises 

between realistic representations of mammal behavior and sound field on the one hand and computational 

resources on the other hand to provide the best possible accuracy in a realistic time frame. The approach 

consists of two steps: First, the sound field is derived from a number of detailed propagation simulations. 

Then, an Agent-Based Model (ABM) simulates animal movement and noise dose accumulation. Our study 

shows that noise impact assessments benefit from using a more dynamic approach. 

 

Keywords: Underwater noise, Moving source, Agent Based Model (ABM) 

1. INTRODUCTION 

Authorities and regulators globally have defined sound exposure criteria to protect marine 

mammals from man-made noise. Impact pile driving as associated with the construction of offshore 

wind farms and seismic exploration undertaken for example by the oil and gas industry are known as 

major high level underwater sound sources. 

Criteria often permit to assess the impact based on broadband levels or individual frequencies (1, 2) 

or even require using broadband levels (3) in order to limit the complexity of the assessment. Recent 

guidelines motivate however more detailed analysis that account for the susceptibility for noise 

induced hearing injury at different frequency bands (2) which requires to resolve the sound 

propagation spectrally. 

Many impact assessments are based on the assumption of static sources and static receivers.  The 

impact area in form of sound fields emanating from the source is  then superimposed on mapped animal 

densities (based on literature assessments or baseline monitoring). The number of animals affected in 

the ‘impact zone’, is calculated and treated as a ‘take’ from the population. Regulators use the number 

of takes as the basis for their decision whether or not to grant a license to operate. 

Real non-moving sources like pile-driving are of course well represented by the static assumption, 

but moving sources like air gun arrays are often represented by a static sound field that  extrapolates the 

contours of the simulated sound fields at the beginning and the end of a survey line.  For the 

consideration of single noise event metrics like peak sound pressure levels or single pulse sound 

expose levels (SEL), this approach appears justified, but for dose-like parameters like the cumulated 

sound exposure level (SELc), the changing distance between source and receiver while the source is 

moving needs to be taken into account. 

The assumption of static receivers on the other hand, i.e. non-moving animals, means that animals 

ignore any approaching noise or increasing noise levels (soft-start) while at the same time 
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experiencing effects on hearing. It may however be expected that animals try to escape that situation, 

and thus for moving animals, the number of affected individuals is expected to be lower than for static 

individuals. The animal movement can be modeled by agent-based models (ABM) that account for the 

behavioral response of each “agent”. 

Here we show how both approaches are applied in EIAs, finding a compromise between the most 

realistic description and computational constraints. 

2. MOVING SOURCE MODEL 

The moving source model is based on static detail simulations at a number of  representative 

locations. For an ideal coverage such a static model would be required at each individual air gun shot 

location. Depending on the environmental conditions, especially the complexity of the bathymetry, the 

number of detail simulations can be (and for computation time has to be) drastically reduced. For a 

totally flat sea floor and bot temporally and spatially constant environmental conditions, one detail 

simulation would be sufficient. For typical situation with limited variability of water depth and 

boundary conditions, a number of three to four details simulations is considered  representative.  

Each detail simulation should provide a noise map related to a single air gun shot . In their project 

work, the authors use the numerical underwater noise modelling software MIKE Underwater Acoustic 

Simulator (UAS) that is part of the current MIKE 2019 release. The model focuses on the noise 

propagation in the far field with the aim of providing a basis for conducting a risk assessment of 

environmental noise impacts. UAS applies the range-dependent acoustic model (RAM) algorithm 

developed by Collins (4). It accounts for the change in speed of sound and volume attenuation in the 

water column, and provides the option to apply the empirical model by Francois & Garrison (5, 6) 

which is based on information on salinity, temperature and pH in the water column. Furthermore, UAS 

includes sound propagation in the seabed. The bottom description is based on a number of 

constant-density and constant thickness layers. The sound source is modelled as an omnidirectional 

point source. A detailed description of the underwater acoustic model can be found in the Scientific 

Documentation for UAS in MIKE (7), including scientific model validation and model assumptions.  

MIKE UAS produces 2D transects that are combined into a 3D sound field. Maximum over depth 

levels are used to obtain sound maps at the representative locations.  

The results of the detail simulations are mapped to individual source locations. Different mapping 

options are possible, for a test case depth-weighted averages were found to yield the best results. Due 

to storage and computational constraints, the ship track is re-sampled on a coarser grid (500–1000 m 

interval). Depending on vessel speed, each length interval corresponds to several minutes in time that 

the sound source needs to pass that length. With air gun pulse repetition rates of about 1 shot every 10 

s, several air gun shots will be fired during that, say 5-min period. For cumulated SEL this re-sampling 

is accounted for with a 5-min cumulation. The re-sampled values are in the following referred to as 

5-min values for simplicity. The 5-min cumulative SEL are derived using  

SELcum = SEL + 10 log10 𝑛 (1) 

where SEL is the single pulse sound exposure level and n is the number of pulses in the defined 

period (e.g., 5 min). 

For each 5-min step, sound maps with peak and rms SPL as well as cumulated and non-cumulated 

SEL can be interpolated from the detail simulations. The result are sound map time series for each 

sound level. The time series are then interpolated on a common regular grid for further analysis. For 

sound levels that can be related to single air gun shots like the peak and rms SPL but also single -shot 

SEL, the maximum with respect to time of these sound map time series is derived. For cumulated 

sound levels, the 5-min SEL of the past 24 h (or any other duration) are cumulated at each grid point, 

then the maximum over the complete time series is computed.  

The maps with maximum-over-time sound levels indicate the impact on the marine environment 

(e.g. disturbance or injury for different hearing groups within specific impact areas).  The time series 

themselves provide an input for the moving animal ABM. 

 

3. MOVING RECEIVER MODEL 

Using ABM, the movements of a number of agents (animals) in response to noise and other 

environmental factors can be modelled and results post-processed statistically. Representing 

avoidance responses of individual marine mammals in relation to sound is thus achievable on fine 

1899



 

 

spatiotemporal scales (8).  

DHI’s own software ABM lab (for more information, please see (https://www.mikepowered 

bydhi.com/products/abm-lab) handles typical marine mammal behavior during, for example during 

migration and feeding. For the simulation of migration, a number of agents is continuously released. 

The agents have a defined movement speed that depends on the group type,  e.g., mother and calf, 

single individual. During feeding, the movements of the agents can be set to a correlated random walk 

principle (e.g., 9). 

ABM permits to set environmental conditions like the time series of the sound field and define a 

behavioral reaction to the sound field. Two responses are typically defined: avoidance and 

displacement. Avoidance behavior assumes that marine mammals will try to avoid the noise, but will 

return 1 hour after the noise ends (e.g., 10). The avoidance can, for example, be set to a sigmoid 

dose-response curve (e.g., 11, 12). The number of takes is calculated by post processing of the ABM 

output, where agent occurrence in one of the impact zones is calculated as a take. Displacement is 

treated in the same way as avoidance, but here the mammals are assumed to stay away from the noise 

for 24 hours, which corresponds to the lower estimate of displacement time due to pile driving for a 

very sensitive species, the harbor porpoise (Phocoena phocoena; 10). 

In the dynamic assessment, the number of takes is derived by the agents entering a zone of impact. 

Once an individual agent enters a zone of impact, this is counted as a take. The counting is undertaken 

for the entire simulation period when the noise takes place. Individual agents can only be ‘taken’ once 

during the noise period (e.g., one continuous seismic survey or impact pile-driving of one pile). Thus, 

individual agents can be taken on subsequent noise periods but not more than once in the same noise 

period. 

4. TEST CASE PHASE 

The moving source model has already been applied in projects providing a more detail to the 

description of the actual processes like the proper accumulation of the noise dose for changing 

distances to the sound source. An ABM Demonstrator is currently developed for the North Atlantic 

right whale (Eubalaena glacialis) using simulated pile driving near a planned offshore wind farm site 

off the US East Coast. An assessment of the number of takes will be carried using the most recent set 

of impact criteria. Both the static and the dynamic (ABM) approach will be applied following several 

scenarios. The goal is to compare the number of takes between the two approaches. 

One could argue that it is premature to use ABM simulations using data on avoidance and 

displacement as information of response to sound is limited in right whales and many other cetacean 

species. Yet, despite the scarcity of data, EIA investigators have already begun to use impact criteria to 

estimate a behavioral response zone (see for example 13). Furthermore, Skjellerup et al. (1) and NMFS 

(2) recommend the use of response movement for marine mammal EIAs. This new paradigm is already 

shifting towards dynamic approaches, and industry as well as regulators might want to use the most 

comprehensive and reliable technology when applying it. Furthermore, thanks to a variety of recent 

studies, data on behavioral response of marine mammals to underwater noise exposure are rapidly 

increasing (14). The way forward might be to apply a more holistic approach using the static and the 

dynamic approach in EIAs to provide regulators with a range of outcomes and scenarios including 

uncertainty quantification. Then, whenever data become available, the static approach can be 

gradually phased out to make room for more validated animal response models.   

5. SUMMARY AND CONCLUSIONS 

Moving source and moving receiver models have been introduced. Both models promise a more 

realistic representation of the noise transmission and accumulation process than the static approaches. 

While the application of the moving source model focusses on seismic studies of the oil & gas industry, 

the moving receiver model useful for any type of noise that might impact marine life including seismic 

studies but also construction work with impact pile driving.   
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ABSTRACT 
The propagation of sound waves in the ocean is influenced by the acoustic characteristics of the seabed, 
especially in shallow water. If the seabed is considered to be an elastic or viscoelastic structure, then sound 
propagation will be influenced by the shear and longitudinal properties of this structure. Accordingly, this 
paper examines the sensitivity of sound propagation to the shear properties of the ocean floor for shallow 
waters and when the sound source lies in the ocean. This is motivated by predictions reported in the structural 
mechanics literature, which demonstrate that wave propagation in viscoelastic structures can be highly 
sensitive to the shear properties of the material. This investigation uses the semi analytic finite element 
method to undertake a set of numerical experiments. This numerical approach provides a computationally 
efficient way of solving the fully coupled acoustic problem, with Bergmann’s equation used for the fluid, 
and Navier’s elastodynamic wave equation for the seabed. Both elastic and viscoelastic structures are 
examined and predictions are reported for a range of shear properties, and the relative sensitivity of sound 
propagation on these shear properties is then investigated. 
 
Keywords: Sound propagation, Shallow ocean, Shear waves 

1. INTRODUCTION 
The propagation of sound in the ocean depends on the acoustic properties of the seabed, as well as 

those of the ocean. This forms a coupled system so that sound propagation from a point source located 
in the sea depends on the viscoelastic properties of the seabed. Accordingly, to compute accurately 
sound propagation in an ocean waveguide it is necessary to capture the physics of the propagating 
viscoelastic wave. This demands the use of the elastodynamic wave equation and the inclusion of both 
compressional and shear waves. This delivers a complex coupled system and developing accurate 
theoretical models is challenging, and this is especially true for shallow oceans where the coupling 
effects are likely to be strong and complex interactions between the ocean and a layered seabed must 
be accounted for.  

The development of computational models for ocean acoustics has largely focused on advancing 
the pioneering work of Pekeris (1). This involves separating variables in order to recast the problem 
into two separate wave equations in the range (𝑟𝑟 ) and depth (𝑧𝑧 ) directions. To solve the depth 
dependent wave equation, a modal expansion is often applied so that the pressure and displacement 
are written as a sum over downwards and upwards propagating planar waves (2, 3). This enables 
reflections from the interface between the ocean and the seabed to be captured, as well as those 
reflections from layers inside the seabed. The range dependence is then captured using Hankel 
functions, or large argument approximations of Hankel functions, so that sound propagation from a 
sound source located in the ocean can be computed. This approach has led to the development of a 
large number of computational codes (4), the majority of which adopt varying approaches to solve the 
depth dependent eigenproblem. Popular examples include the analytic approach of Westwood et al. 
(5) and the numerical solutions to the depth dependent wave equation by Porter and Reiss (6, 7). These 
                                                        
1 ray.kirby@uts.edu.au 
2 wenbo.duan@brunel.ac.uk 

1902



 

 

methods are widely used to compute the sound pressure field inside the ocean, and they are suitable 
for including the viscoelastic behavior of the seabed. However, it is challenging to capture the entire 
physics of the problem using these methods, especially for shallow waters. This is because of the 
strong coupling present in shallow waters, where it is common for large numbers of eigenmodes to be 
required in order to obtain accurate predictions. Ensuring all relevant modes have been captured, as 
well as accommodating the complex scattering inside the seabed is challenging. Furthermore, 
enforcing the correct limiting boundary conditions in the seabed is also important for shallow water 
predictions and this is also difficult to capture accurately when using a Pekeris style approach. 

This article uses a different approach that is based on the semi analytic finite element (SAFE) 
method (8-11). This approach discretizes the depth and then solves an eigenproblem for the range 
direction, so that the modes obtained are forward and backwards propagating modes. This approach 
enables the inclusion of depth dependent acoustic properties in the ocean, as well as the correct 
coupling conditions between each layer in the waveguide. The application of a perfectly matched layer 
(PML) also enables the correct limiting boundary conditions to be applied in the depth direction. This 
method is then used here to explore sound propagation in relatively shallow oceans and the influence 
of shear waves is examined through the modification of the acoustic properties of the seabed. This 
study is undertaken in order to gain a better understanding of the importance of shear waves on the 
calculation of sound propagation in shallow oceans. 

2. THEORY 
The geometry of the ocean waveguide us shown in Fig. 1.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1 – Geometry of ocean waveguide. 
The waveguide consists of three regions, Ω1 which contains air above the ocean, Ω2 is the ocean 

in which depth dependent properties can be included, and Ω3  is a viscoelastic seabed. The wave 
equation for sound propagation in a fluid (Ω1 or Ω2) is given as (12) 

𝜌𝜌1,2(𝑧𝑧)∇ ∙ �
1

𝜌𝜌1,2(𝑧𝑧)
∇𝑝𝑝1,2

′ � −
1

𝑐𝑐1,2
2 (𝑧𝑧)

𝜕𝜕2𝑝𝑝1,2
′

𝜕𝜕𝑡𝑡2 = 0 (1) 

where, 𝑝𝑝′ is acoustic pressure, 𝑡𝑡 is time, 𝑐𝑐 is the speed of sound and 𝜌𝜌 is the fluid density (these 
are assumed to be depth dependent only in Ω2). The seabed is considered to be an elastic solid that 
supports both shear and compressional waves, and here the elastodynamic wave equation gives (13) 

∇ ∙ 𝛔𝛔3
′ − 𝜌𝜌3

𝜕𝜕2𝐮𝐮3
′

𝜕𝜕𝑡𝑡2 = 0 (2) 

where 𝛔𝛔3
′   is the Cauchy stress tensor, 𝜌𝜌3  is the material density, and 𝐮𝐮3

′ = [𝑢𝑢3𝑥𝑥
′ 𝑢𝑢3𝑧𝑧

′ ]  is the 
displacement in region Ω3. These equation are solved by expanding the sound pressure field in each 
fluid, and the displacement in the seabed, over a set of eigenmodes propagating in the range direction, 
so that 

 

𝑥𝑥
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𝑝𝑝1,2
′ (𝑥𝑥, 𝑧𝑧, 𝑡𝑡) = � A𝑛𝑛𝑝𝑝1,2

𝑛𝑛 (𝑧𝑧)𝑒𝑒𝑖𝑖𝜔𝜔𝜔𝜔−𝑖𝑖𝑘𝑘0𝛾𝛾𝑛𝑛𝑥𝑥,
∞

𝑛𝑛=1

 (3) 

𝐮𝐮3
′ (𝑥𝑥, 𝑧𝑧, 𝑡𝑡) = � A𝑛𝑛𝐮𝐮3

𝑛𝑛(𝑧𝑧)𝑒𝑒𝑖𝑖𝜔𝜔𝜔𝜔−𝑖𝑖𝑘𝑘0𝛾𝛾𝑛𝑛𝑥𝑥,
∞

𝑛𝑛=1

 (4) 

where, 𝑝𝑝1,2
𝑛𝑛 (𝑧𝑧), and 𝐮𝐮3

𝑛𝑛(𝑧𝑧) = [𝑢𝑢3𝑥𝑥
𝑛𝑛 (𝑧𝑧) 𝑢𝑢3𝑧𝑧

𝑛𝑛 (𝑧𝑧)] are the eigenfunctions, and 𝛾𝛾𝑛𝑛 the eigenvalues. In 
addition, A𝑛𝑛  are the modal amplitudes, 𝑘𝑘0  is a reference wavenumber chosen so that 𝛾𝛾  is non-
dimensional, where 𝑘𝑘0 = 𝜔𝜔 𝑐𝑐0⁄ , 𝜔𝜔 is the radian frequency, 𝑐𝑐0 is an (arbitrary) reference sound speed, 
and 𝑖𝑖 = √−1.   

To couple each wave equation together, it is necessary to apply the relevant boundary conditions. 
These are: continuity of pressure and particle velocity between each fluid region; continuity of 
pressure and normal stress, and continuity of normal displacement, between the fluid and the seabed; 
in addition, non-reflecting boundary conditions for 𝑧𝑧 → ±∞ are implemented using a PML. To apply 
these boundary conditions, the ansatz for each variable is substituted back into each wave equation 
and these are then weighted and integrated over the depth 𝑧𝑧 . A SAFE formulation (8-11) is then 
applied that discretizes the depth dimension only, and in this article three noded quadratic line 
elements are used. The addition of the boundary conditions into the SAFE formulation then allows an 
eigenproblem to be solved for 𝛾𝛾 and the respective eigenfunctions. 

Following solution of the eigenproblem, the sound propagation from a point source is calculated. 
This is realized using the method of Astley and Cummings (14), with the addition of the bi-
orthogonality relation of Scandrett and Frenzen (15) to accommodate the viscoelastic seabed. This 
gives the modal amplitudes of the point source as: 

A𝑗𝑗 =
2

𝑘𝑘0𝛾𝛾𝑗𝑗Λ𝑗𝑗,𝑗𝑗

𝜌𝜌1

𝜌𝜌𝑠𝑠𝜌𝜌2(−ℎ)𝑐𝑐0
2 𝑝𝑝2,𝑗𝑗(𝑧𝑧𝑠𝑠), (4) 

where, Λ𝑗𝑗,𝑗𝑗  is an orthogonality relation (15), and 𝜌𝜌𝑠𝑠 and 𝑧𝑧𝑠𝑠 are the density and depth of the point 
source, respectively. Note that these modal amplitudes have been normalized against a reference point 
source, whose amplitude is equal to unity at a distance of 1 m. This then enables the sound 
transmission loss (TL) to be computed for the waveguide using a normalized TL common in the 
literature, so that 

TL = −20log10|𝑝𝑝(𝑥𝑥, 𝑧𝑧)|. (5) 

This expression for TL is then used in the calculations that follow in the next section. Note that 
these calculations are for a spherical point source and include cylindrical spreading. 

3. RESULTS AND DISCUSSION 
In this section a number of numerical experiments are carried out using the SAFE model described 

in the previous section. The SAFE model is a general approach that is well suited to analyzing shallow 
oceans, and so the focus in this section is on computing sound propagation in oceans of a depth of 
100 m or less. Accordingly, the first set of numerical experiments uses an ocean of depth 100 m, with 
a source placed at a depth of 25 m, and a receiver at a depth of 75 m. The air above the ocean has a 
height of 20 m, and a PML of thickness 10 m. The seabed has an overall depth of 310 m, with a PML 
of depth 200 m. The finite element mesh uses 440 elements to solve the eigenproblem, and 400 modes 
to obtain the TL; this takes about 6 seconds to solve on a standard laptop.  

The numerical tests use either sand or limestone in the seabed and their acoustic properties are 
listed in Table 1. In addition, the density of air and water are listed, where for simplicity the density 
and speed of sound in the ocean are assumed to be constant. In Fig. 2 the TL is calculated for a 
limestone seabed with zero damping; the shear velocity in the seabed is then varied in order to explore 
the influence of the shear properties of the seabed on the sound pressure field. It can be seen in Fig. 
2 that significant changes in behavior are evident when the shear properties in the limestone are altered. 
For example, differences of up to 25 dB are seen for relatively modest changes in the shear velocity. 
It is however noticeable that for relatively short distances away from the sound source the differences 
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in TL are less pronounced, so that the effects of the shear properties on sound propagation in this 
waveguide are more evident for larger ranges. 

Table 1 – Properties of waveguide 

  
Compressional 

Properties 
Shear Properties 

 
𝜌𝜌 

(kg/m3) 

𝑐𝑐𝐿𝐿 

(m/s) 

𝛼𝛼𝐿𝐿 

(dB/𝜆𝜆) 

𝑐𝑐𝑇𝑇 

(m/s) 

𝛼𝛼𝑇𝑇 

(dB/𝜆𝜆) 

Sand 1400 1650 0.1 400 0.2 

Limestone 2300 2500 0.05 1315 0.1 

Water 1000 1500    

Air 1.2 343    
 

 

Figure 2 – TL for limestone seabed with zero damping.        ; 𝑐𝑐𝑇𝑇 = 1315 m/s; 

        ; 𝑐𝑐𝑇𝑇 = 1000 m/s; .         𝑐𝑐𝑇𝑇 = 1600 m/s;         ; 𝑐𝑐𝑇𝑇 = 1200 m/s. 

In Fig. 3, damping is added into back into the limestone, with reference values taken from Table 1 
(𝛼𝛼𝑇𝑇 = 0.1 dB/λ). It is seen in Fig. 3 that the addition of damping has little effect on the TL, and that 
it is only in the longer ranges that a difference in behavior is noticeable. This lack of influence for the 
damping in the limestone is likely to be partly caused by the low excitation frequency, however these 
results do indicate that at least for this waveguide it is not so important to identify accurately the shear 
damping coefficient in the seabed. 

In Fig. 4 predictions are shown for a more realistic waveguide in which a layer of sand 10 m deep 
is placed above a much thicker layer of limestone 300 m deep (including the PML). Figure 4 then 
investigates the influence of the shear properties of the sand (with damping) whilst keeping the 
properties of the limestone fixed (with damping). It is evident in Fig. 4 that significant differences in 
the TL are still evident, even when varying the properties in a relatively thin layer of sand. This 
behavior is likely to be caused by scattering at the interface between the ocean and the seabed, which 
transfers energy from compressional to shear waves in the region close to the interface. This 
demonstrates that it is important to have a reasonably accurate understanding of the acoustic properties 
of the upper layer of the seabed, even for relatively short ranges. 
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Figure 3 – TL for limestone seabed with damping.        ; 𝛼𝛼𝑇𝑇 = 0.1 dB/λ; 

        ; 𝛼𝛼𝑇𝑇 = 0 dB/λ; .         𝛼𝛼𝑇𝑇 = 0.2 dB/λ;         ; 𝛼𝛼𝑇𝑇 = 0.8 dB/λ. 

 

 

Figure 4 – TL for seabed with 10 m layer of sand with varying properties, above 300 m layer of limestone 

with fixed properties.        ; 𝑐𝑐𝑇𝑇 = 400 m/s;        ; 𝑐𝑐𝑇𝑇 = 600 m/s; 

          𝑐𝑐𝑇𝑇 = 200 m/s;         ; 𝑐𝑐𝑇𝑇 = 300 m/s. 
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Figure 5 – TL for seabed with 10 m layer of sand with fixed properties, above 300 m layer of limestone 

with varying properties.        ; 𝑐𝑐𝑇𝑇 = 1315 m/s; 

        ; 𝑐𝑐𝑇𝑇 = 1000 m/s; .         𝑐𝑐𝑇𝑇 = 1600 m/s;         ; 𝑐𝑐𝑇𝑇 = 1200 m/s. 

In Fig. 5 the properties of the sand are fixed and those of the limestone layer underneath the sand 
are changed (with both layers including damping). Figure 5 demonstrates that the properties of a 
second layer are still important when attempting to quantify sound propagation; however for this 
problem the influence is not as strong as that seen when varying the properties in the upper layer. 

 

Figure 6 – TL for seabed with 10 m layer of sand with varying properties, above 300 m layer of limestone 

with fixed properties.        ; 𝑐𝑐𝑇𝑇 = 400 m/s;        ; 𝑐𝑐𝑇𝑇 = 600 m/s; 

          𝑐𝑐𝑇𝑇 = 200 m/s;         ; 𝑐𝑐𝑇𝑇 = 300 m/s. 
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Figure 7 – TL for seabed with 10 m layer of sand with varying properties, above 300 m layer of limestone 

with fixed properties.        ; 𝑐𝑐𝑇𝑇 = 400 m/s;        ; 𝑐𝑐𝑇𝑇 = 600 m/s; 

          𝑐𝑐𝑇𝑇 = 200 m/s;         ; 𝑐𝑐𝑇𝑇 = 300 m/s. 

In Fig. 6 the depth of the ocean is reduced to 40 m and the sound source and receiver are both 
placed at a depth of 30 m. To accommodate a shallower ocean the range is reduced from 2 km to 1 km 
in Fig. 6. It can be seen in Fig. 6 that varying the properties of the upper layer of sand again leads to 
large differences in the TL. This difference continues to be significant and this further illustrates that 
achieving accurate predictions of TL in ocean acoustics is likely to be challenging because of the 
sensitivity of sound propagation to the shear properties of the seabed. However, if the frequency of 
excitation is increased to 250 Hz, then in Fig. 7 it is seen that the difference between predictions 
reduces. For a relatively short range, sound propagation now becomes less sensitive to the shear 
properties of the seabed. This is likely to be caused by the change in modal structure within the 
waveguide when the frequency is increased, so that those modes that are less sensitive to the shear 
properties are preferentially excited when compared to behavior at 50 Hz. This effect is likely to be 
problem dependent, however this further illustrates the complexity of the shallow waveguide problem. 

4. CONCLUSIONS 
This article uses a SAFE approach to compute the sound pressure distribution in an ocean 

waveguide. The SAFE method enables the sound propagation in the ocean to be coupled to viscoelastic 
wave propagation in the seabed, and through the use of PMLs it is shown to be possible to properly 
account for the limiting transverse boundary conditions. This makes the SAFE method well suited to 
modelling sound propagation in shallow oceans, and here it is shown that TL values can be very 
sensitive to the shear properties of the seabed. This present challenges for modeling sound propagation 
in shallow oceans, as measuring accurately the acoustic shear properties of viscoelastic materials over 
a wide frequency range can be difficult. 
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ABSTRACT 
We introduce a three-dimensional acoustic parabolic equation (PE) model based on GPU processing. This 
model is developed by splitting the full exponential operator in the three-dimensional split-step marching 
solution in the Cartesian coordinate. Each exponential operator is approximated by the Taylor series and the 
sum representation of Padé approximation, which gives an opportunity for GPU parallel processing of the 3D 
PE solver. An advantage of this model is to implement higher-order cross-terms appearing to the operator 
approximation efficiently. In the talk, we will show the computational performance of GPU based PE code 
with the comparison of a traditional code for several ocean environments 
 
Keywords: Three-dimensional parabolic acoustic equation (3DPE), GPU, Parallel algorithm 

1. INTRODUCTION 
Recently, some of the three-dimensional acoustic parabolic equation (3D PE) models considering 

the cross-terms in the two-dimensional (2D) square root operator have been presented.  While these 
models have advantages in the accuracy and the -insensitivity compared with the existing 3D PE 
model without the cross-terms, the total calculation time increases more due to the calculation of the 
cross-terms and the use of filter. Fortunately, the PE algorithm is known to be compatible with the 
parallel processing inherently. 

In this proceeding, in order to improve the efficiency of the 3DPE model, we present a 3DPE 
formulation proper to the GPU processing and the computational strategy. Specifically, we introduce 
the 3DPE model based on Lee et al. approach and its parallelized formulation, known as the sum 
representation of the operator approximation. Moreover, we suggest a strategy for the matrix 
multiplication and inversion using the cuSparse library in CUDA/C. With these two approaches, the 
total calculation performance increases about 5 ~ 10 times.  

 

2. METHOD 

2.1 3D PE solver with cross-terms in the Cartesian coordinate 
When the marching direction is set to be x-axis, the 3D PE solver with cross-terms is given by 

, ,

01 1, ,

1 1
( ) ( )

1 1

yzpp p
i p i p

i
ii ii p i p

Y Z
u x x u x

Y Z
.    (1) 

Here, the variable u is defined by 0 /jk xu pe  with the acoustic pressure p, the reference 
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wavenumber , and the energy-conserving parameter .  is the order of Padé approximation, 
 and  are the Padé coefficients and  is the order of Taylor approximation. i denotes the 

ith order cross-term of Taylor series. Here, Y and Z operators are defined as  
2

0
1Y k

y y
,           (2) 

2 2
0

1( 1)Z n k
z z

,          (3) 

where 0( , ) /n k y z k is the refractive index where k is the complex wavenumber. These operators 
can be transformed into the tridiagonal matrix using the second-order finite difference scheme. 

Figure 1 illustrates the marching algorithm of the 3D PE solver, regarded as the solution of the 
initial value problem. When the pressure field at  is known, the pressure field at the next step 
can be predicted with Eq. (1). In Eq. (1), the multiplication operator results from the Padé 
approximation of the exponential operator to the product representation form.  

The sum representation of Eq. (1) is derived as 

, ,
,

1 1 1 1, ,

ˆ ˆ
ˆ( ) 1 1 1 ( )ˆ ˆ1 1

yz yzn nn n
i n i n i j

ij n
i i i ji n i n

Y Z
u x x c Y Z u x

Y Z
,  (4) 

where  is the order of Padé approximation in the sum representation,  and  are the Padé 
coefficients and  is the order of Taylor approximation.  is the coefficient of Taylor series. 
In figure 2, the flow chart for the calculation of Eq. (4) is given. For convenience, the precise flow 
chart for the cross-term operation is omitted. Operations in each bracket of Eq. (4) can be performed 
in parallel. Theoretically, the calculation time in each bracket may be reduced by approximately 

or . This kind of parallelization concept has been already applied into several 2D PE or 
3D PE solvers. 

 
 
 
 

 
Figure 1 - Illustration of the 3D PE algorithm in the Cartesian coordinate. 

 
 
 

 
Figure 2 – Flow chart of the 3D PE algorithm in the sum representation. 
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Figure 3 - Grouping of rows and columns for parallel processing. 

 
More parallelization can be achieved for each tri-diagonal matrix multiplication and inversion in 

figure 2. For example, for the calculation of 1
, ,

ˆ ˆ(1 ) ( ) ( )i n i nY Y u x , the zn  number of tri-diagonal 
matrix multiplication and inversion are required when the size of the discretized  is set to be
z yn n . Since the matrix calculation for each row of  is independent one another, these 

operations can be parallelized like those for Padé order. The same is true for the Z operator. As 
shown in figure 3, we assume to divide the u(x) matrix into the sub-matrices. When the numbers of 
the sub-matrix are set to be  in the z-direction and  in the y-direction, totally the  
or  loops will be performed in parallel. Moreover, the inversion of a tri-diagonal matrix 
can be fast implemented with parallel algorithms like parallel cyclic reduction and recursive 
doubling. 

The CUDA/C library is used to code the suggested 3DPE algorithm in parallel. The matrix 
inversion is performed by the function of cuSparse<t>gtsvStrideBatch in CUDA Toolkit 4.2 
cuSparse library. The solver runs on a desktop with Intel i7-6700k quad-core processor, 56 GB RAM 
Intel and a GeForce GTX 1080 GPU with 20 multiprocessors.  

3. CONCLUSIONS 
In this proceeding, the parallelized 3DPE solver using GPU based on CUDA library is presented. 

The parallelization is carried out through two steps-the sum representation of the operator 
approximation and the grouping of vectors in the matrix. With the suggested algorithm, the execution 
time of the 3DPE is shortened to 1/5 ~ 1/10. 
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ABSTRACT 
Parabolic equation models solved using the split-step Fourier (SSF) algorithm is commonly studied for the 
modeling of wave propagation in the underwater environment. The smoothing function, in the solution of 
realistic problems, is introduced in the SSF algorithm to treat the density change between the water column 
and the sediment layer. The algorithm with the smoothing approach accumulates the phase error with the 
range. As an alternative method, by Yevick and Thomson, the hybrid split-step/finite difference method was 
developed to accomplish the density discontinuity issue numerically, and it significantly improved the phase 
error. The additional operator containing density dependent terms are introduced to implement the hybrid 
approach in this method. The results of the SSF parabolic equation model with the smoothing approach and 
with the hybrid approach are compared and discussed to see the effect of numerical parameters on the model 
implementation in this research. 
 
Keywords: Parabolic equation, Split-Step Fourier algorithm, Smoothing function, Density discontinuity, 
Split-step/finite difference method. 

1. INTRODUCTION 
Parabolic equation (PE) approximation to the modeling of radio wave propagation in the 

atmosphere was introduced by Leontovich and Fock (1). It applies to various fields related to wave 
propagation such as optics, laser-beam propagation, microwave propagation and seismic propagation 
(2). It was used for the modelling of acoustic wave propagation in underwater acoustic, and PE (3,4) 
was solved by the SSF algorithm as a numerical technique. Alternatively, the techniques, such as 
finite-difference (FD) and finite-element (FE), are also applied to PE to model the ocean acoustic 
propagation (5,6). 

PE method, introduced by Tappert, is known small-angle PE (SPE) because the model gives the 
increase of error with increasing of propagation angle. For more accurate solutions at higher angles of 
propagation, the wide-angle parabolic equation (WAPE) method was introduced. The solutions of 
WAPE with SSF model gives more stable and efficient solutions (7,8).  

The general form of PE, the first order differential equation, is obtained by introducing the acoustic 
field function in Helmholtz equation. It was a simplified differential form that expressed in terms of 
the operator called the square root operator. The reduced wave equation contains the index of 
refraction which has the density and its derivative terms. In numerical solutions, the terms related to 
the density are approached to describe the density discontinuity caused by the vertical density 
variations at interface between two half space. Various numerical models treat density discontinuity in 
differential form of wave equation by different approach. The boundary discontinuity leads to phase 
error with range in SSF numerical solutions and the appropriate approaches can be treated to decrease 
the numerical errors (9). In PE/SSF methods, the smoothing functions such as the hyperbolic functions  
are implemented to treat the boundary discontinuity density, but solutions accumulates the phase error 
with the range, so by Yevick and Thomson (10), the hybrid split-step/finite difference method was 
developed to treat the density discontinuity issue, and it significantly improved the phase error.  

In this paper, we will examine the smoothing approach and split-step Fourier / finite-difference 
(SSF/FD) approach. The results of PE/SSF model with smoothing functions and with hybrid approach 
will be compared to benchmark solutions for shallow water environments.  
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2. THEORY 

2.1 The Parabolic Equation (PE) Approximation for Acoustic Wave Propagation 
For the acoustic wave propagation, the complex pressure is defined as a solution with time 

harmonic at frequency f in following equation.  
( , , , ) ( , , ) i tP r z t p r z e  (1) 

This equation is substituted in the Helmholtz equation, and it leads to another equation for underwater 
acoustic propagation that is given by free-field Helmholtz equation in the following form with 3-D 
cylindrical coordinates,  

2 2
2 2
02 2 2

1 1 ( , , ) 0,p p pr k n r z p
r r r r z

 (2) 

where 0( , , ) / ( , , )n r z c c r z  is the acoustic index of refraction, 0 02 /k f c is reference wave 
number with frequency f, c0 is the reference sound speed. 

In far field propagation, the media is assumed as a cylindrical waveguide and the p ressure field is 
proportional to reversed by r  because of energy conserving. To obtain more general PE form, the 
field function  is defined by the acoustic pressure field along a single radial as,  

0
0( , ) ( , ) ik rr z k r p r z e  (3) 

The PE is obtained by the substituting the field function into the Helmholtz equation in cylindrical 
coordinates, 

0 1ik Q
r  

(4) 

where Q is generally called as the “square-root operator,” 

2
2
0

1 1Q n
k z z

 (5) 

where 0, ,n r z c c r z is the acoustic index of refraction and 0c  is typically assumed as 1500 m/s. 
In the studies of modeling of underwater acoustic wave propagation based on PE, the first order 
differential equation given above is numerically solved using various methods.  

As an alternative approach taking account of the influence of density in the Helmholtz equation, the 
field function is defined in the following form (8), 

 (6) 

which is substituted in the Helmholtz equation, and a PE form is also satisfied by this approach, 

0 1ik Q
r

ik Q0ik Q 1QQQQ  (7) 

The second order differential equation, the Helmholtz equation, is reduced to the first order 
differential equation that can be solved one-way marching algorithm which is given by 

0( , ) exp ( 1) (r, )r r z ik r Q z( , ) exp ( 1) (r, ), ) exp ( 1) (r,( , ) exp, ) exp, () p, ) exp,, ) ((00 (0 ((0 ((0 (((0 ((r1))1)1)1)  (8) 

where the operator QQ  contains an effective index of refraction,  

22
2

2 2
0

1 1 3 1
2 2

n n
k z z

2n n2n  (9) 

In this approach, the numeric solution treats the density contrast into the effective index of 
refraction. 
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2.2 Split-Step Fourier (SSF) Method 
The SSF method based on a marching algorithm which can be represented by the following form, 

( , ) ( ) ( , )r r z r r z  (10) 
where ( )r is propagator function, PE can be written in terms of Hamiltonian-like operator, Hop. 

0 opik H
r

 (11) 

for the numerical solution, the Dyson evolution operator (11) is introduced by 

0( , ) exp ( ) ( )
r r

op
r

r r z ik dr H r r(( ,,,,  (12) 

where the expansion is analyzed by lower-order corrections and higher-order corrections is neglected. 
The propagator operator advanced the solution with small range step is  

0( ) exp ( )opr ik rH r  (13) 

where range-averaged operator, ( )opH r , 

1( ) ( )
r r

op op
r

H r dr H r
r

 (14) 

and opH  consists of scalar and differential operators, and these operators could be implemented by  

multiplication, so the basis of SSF algorithm is based on separated terms of opH  and approximations 
to the square-root operator. In the model (8), the azimuthal coupling term is assumed small, and that is 
incorporated by binomial expansion. For the terms within the square root, the WAPE approximation of 
Thomson and Chapman (7) is utilized.  

2
2

2 2
0

1 1 1 1WAPEQ n Q
k z2 WAPEQ2 W

21 1 1Q n Q 1 1WAPEQ2 Wn 1 12zk 2 zz22 2

2
2 12 1

k 22n2
2 2  (15) 

2
2

2 2
0

11 ,n
k z

nn ,2 12 11n 1n  (16) 

The complete approximation for opH  is 

,op op op opH T U V  (17) 
where opT , opU  and opV , 

2

2 2
0

11 1 ,opT
k z

 ( 1)opU n , 
2

2 2 2
0

1
2opV

k r
 (18) 

For range-independent environment, operator ( )opH r  can be chosen as ( ) ( )op opH r H r  which can 

be simply expressed in terms of operators opT  and opU  (due to azimuthal symmetry, 0opV ) 
2

0 2
0 ( )( )

op
op

ik rT
ik rU rzr e e  or 

2

0 20 0( ) ( )
2 2( )

opop op
r rik rTik U r r ik U rzr e e e  (19) 

In SSF algorithm, opU  is calculated by a multiplication operation in z-space, but the calculation of 

operator opT  is not a simple operation that the field is transformed to vertical wave number space kz. 

SSF method is essentially based on the separation of influence of the operators opU  and opT . In the 
fundamental scheme of this algorithm, the field ( , )r z is firstly defined over depth at some range (r), 
then the operator 0 ( )opik rU re is applied on the initial field, and the result field is transformed by Fourier 

transformation. The transformed field is multiplied by k-space operator, 
2

0 ôp zik rT ke . The k-space field 
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is transformed back to z-space, and the solution field, ( , )r r z is obtained at the end of process. 

0 0
ˆ ( ) ( , )( , ) x x ( , )op z opik rT k ik rU r zr r z IFFT e FFT e r z  (20) 

2.3 Boundary Conditions and Smoothing Approach in SSF Method  
In PE/SSF model, the surface boundary is assumed as a perfect reflector to provide the pressure 

release boundary condition, ( 0) 0z , and the image ocean method is used to realize the boundary 
condition. In image ocean method, the real ocean is in the positive z-direction, and the image ocean 
lays over the real ocean in the negative z-direction.  

( ) ( )z z  (21) 
Eq. (21) shows that the acoustic field of image ocean is equal to opposite sign of the acoustic field 

of the real ocean. In bottom boundary, the discontinuity occurs between two different media due to the 
contrasting sound speed and density. These discontinuities create the numerical noise in the SSF 
algorithm, so a function is needed to treat the discontinuity. The operator Uop depends on the effective 
index of refraction term which includes the sound speed discontinuity and the density discontinuity in 
bottom interface. The discontinuities may describe as follows 

( ) ( ) ( )water bottom water bottomc z c z c z c z H z z  (22) 

water bottom water bottomz H z z  (23) 
The terms in the effective index of refraction Eq. (9) depend on the density change, z , it is also 

needed to a generalized function to represent the differential terms 
z

 and 
2

2z
 in numerical 

calculation. This mixing function is introduced analytically (8) by defining the density change at the 
water-bottom interface according to the density profile Eq. (23).  

2.4 The Hybrid Split-Step Fourier / Finite Difference Approach 
For density discontinuity in bottom layer interface, the solutions of SSF algorithm based on density 

smoothing approach have phase error issue to be produced with range. Instead of smoothing approach, 
Yevick and Thomson (10) were developed a hybrid technique which is the relying on the solving of 
density dependent terms by finite difference calculations. The implementation of this approach can 
also be adapted to existing SSF codes. They introduced another operator to split the operators as 
density dependent and density independent that the density dependent operator is effectively applied 
by using finite difference technique with Pade approximation. In this approach, as the density 
dependent operator,  is defined and the modified square root operator is considered to be of the 
form 

1Q  (24) 

where 2
0

1
k z z

and now density discontinuity is treated by finite difference technique applied 

on the operator , but the sound speed discontinuity in the layer will be still used the same treatment 
without any modification as before. WAPE approximation is applied on new modified 
square-root-operator that gives 

1 1 1 2WAPEQ  (25) 

Thus, for the solution of one-way marching algorithm given in Eq. (8), an additional operation is 
required due to a new operator , which is  

0( , ) exp ( 1 1) ( , )r r z ik r r r z( ,( ,,(  (26) 

The additional operation is realized by a first-order Padé expansion. 
In the final step, finite-difference approximation is applied to the expression defined by Eq. (20).  
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1 11 1 (r r, z) 1 1 (r r, z).
4 4

i i (r r, z)(r(r  (27) 

If  operator is directly implemented, it causes problematic calculation process. Yevick and Thomson 
introduced an alternative operator to accomplish this issue and to solve the finite difference equations 
effectively. 
 

3. RESULTS 
For numerical calculations, the shallow water environment is assumed to have flat surface and 

bottom boundary at a depth of 300 m from the water surface. The calculation environment consist of 
water column with sound speed of cw=1500 m/sec, density of ρw=1.0 g/cm3 and fluid-like sediment 
with sound speed of cs=1700 m/s, density of ρs=1.5 g/cm3. The benchmark solution is required the 
results obtained from normal mode model (12) for our solutions which have the environment with flat, 
pressure-release surfaces.   

Transmission loss is modeled for signals transmitted from a point source at zero range with a single 
frequency of 100 Hz at a depth of 180 m. Transmission loss traces are computed for a receiver located 
at a distance of 20 km from source and at a depth of 100 m. The discretization values of environment 
for numeric calculation are described by the range step size (dr) and depth mesh size (dz) and also 
defined fast Fourier transform (FFT) size (NZ). The scaling factor (rz) is a multiplier between the dr 
and dz. The depth mesh size was defined to be associated with acoustic wave length which is the range 
of λ/6–λ/30. Subsequently, the range step size was defined as some integer multiplier of dz.   

Figure 1,2 and 3 display the solutions of basic SSF algorithm that uses the smoothing approach. 
Different values of reference sound speed c0, scaling factor rz and depth mesh size dz were used with 
the goal of producing good match with the benchmark solution. The model results match relatively 
well with the benchmark solution for c0=1490, but the solutions in still accumulate phase error with the 
range depending on the different values of c0, rz and dz.  

 

 
Figure 1 – Smoothing approach with rz=5, dz=1,025 m for different values of sound speed c0 

 

 
Figure 2 – Smoothing approach with c0=1500 m/s, dz=1,025 m for different values of scaling factor rz 
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Figure 3 – Smoothing approach with c0=1500 m/s, rz=5 for different values of depth mesh size dz 

 
In hybrid SSF/FD algorithm, operator is implemented before the operator term containing  and 

after operator containing term  and the result is given by red trace of transmission loss in Figure 4.   
 is also applied after or before from both and  to test the effect of operator order and the result is 

given by blue trace of transmission loss in in Figure 4.   

 
Figure 4 – Hybrid SSF/FD approach related to operator order 

 
The solutions treated the hybrid SSF/FD approach in the presence of the bottom interface density 

change is displayed in Figures 5, 6 and 7. The model results match well with the benchmark solution 
for c0=1500 in Figure 5. Figure 6 shows that the solutions don’t importantly change with scaling factor 
rz.  

 
Figure 5 – Hybrid approach with rz=5, dz=1,025 m for different values of sound speed c0 
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Figure 6 – Hybrid approach with c0=1500 m/s, dz=1,025 m for different values of scaling factor rz 

 
Figure 7 shows that the transmission loss trace at receiver depth of 100m for different depth mesh 

values ( dz = 0.5m, 1.025m 1.5m and 2.5m) to be clear the effect of depth mesh size on the solution and 
the best solution is at depth mesh size value of dz=1.025m. 

 

 
Figure 7 – Hybrid approach with c0=1500 m/s, rz=5 for different values of depth mesh size dz 

 
It can be observed from Figure 8 that the results from SSF/FD approach gives well agreement with 

the benchmark solution, but SSF approach shows some phase and amplitude errors at certain ranges. 
SSF/FD approach to boundary density discontinuity treats phase error  for a depth mesh size of dz = 
1.025 m. 

 

 
Figure 8 – Density smoothing approach and Hybrid approach compared with benchmark solution 

4. CONCLUSIONS 
The figures have two panels that the second panel shows clearly phase errors. The panel in left 
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shows full range, and the panel in right shows expanded view of final 3 km. It was shown that SSF 
algorithm gives well solutions for a few kilometers, but then it accumulates phase error with the range. 
Model solutions are sensitive to reference sound speed c0. The solutions converge to benchmark 
solution for c0=1490m/s, but the solutions significantly give the phase error.  

Alternatively, the bottom density discontinuity was treated hybrid approach that was introduced by 
Yevick-Thomson. Thus, standard SSF algorithm was updated with a hybrid SSF/FD algorithm that 
improves the solutions. We take into account the operator order for operator applying in Eq. (20). 
SSF/FD algorithm was compared to the benchmark solution and it was shown that produces high 
quality solutions for depth mesh size value of dz=1.025 m, sound speed value of c0=1500 m/s and first 
choice of operator order. It is also shown that both the solutions of density smoothing approach and the 
solutions of hybrid SSF/FD approach are not affected by the choice of scaling factor. 
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ABSTRACT 
Present work aims to the parallel implementation of message passing interface (MPI) and open 
multi-processing (OpenMP) for the three-dimensional acoustic field computation in a penetrable wedge. 
Possible practical application of the wedge waveguide propagation is extended to the continental shoulder or 
shallow water environment. By the image source method, the acoustical propagation solution is in 
conjunction with an extension of reflection analysis of spherical wave filed from a planar interface. Multiple 
reflections at the boundaries are taken as the originating from an image source depended on the surface and 
bottom positions. Analytical expression of acoustical pressure here is coupled with the Bessel function 
expansion in complex form. Two range-dependent cases, such as the along the slope (two dimension) and 
cross the slope (three dimension), are tested by the MPI and OpenMP parallelization and performance 
optimization. The multi-core platform of “Knights Landing” or KNL and many-core platform of “Tianhe-2” 
are applied to the utilization. The performance gain observed in using OpenMP of the FORTRAN code on 
high performance computing facilities is demonstrated. 
 
Keywords: wedge, underwater acoustic propagation, MPI, OpenMP, Tianhe-2, KNL 

1. INTRODUCTION 
Underwater acoustic propagation is one of the basic contents in computational ocean acoustics [1]. Early 

studies mainly focused on the two-dimensional problem for the sake of limitation by the ocean environment 
data and computing ability. However, the underwater acoustic effects such as interface reflection greatly 
influence the propagation in a real complicated environment of ocean. In the process of solving the 
three-dimensional underwater acoustic field, some key difficulties are demonstrated as the high 
computational complexity and long time consuming, which limits its application in the matched field 
location, geoacoustic property inversion and array performance assessment for the calculating speed 
requirement [2]. With the rapid development of computer hardware and parallel optimization technology, it 
is one of the effective methods to propose high-efficiency and large-scale parallel algorithm of 
three-dimensional underwater acoustic propagation based on the latest high-performance platforms. 

The three-dimensional acoustic propagation in a penetrable wedge is a theoretical model extracted from 
the shallow continental shelf and slope oceans [3]. An analytical solution of the sound field in a penetrable 
wedge with a stratified fluid or elastic basement was proposed by Dean and Buckingham [4], in which the 
surface and bottom reflections are explored by the image source method. Luo et al presented a generalized 
coupled-mode formulation was presented to calculate the wedge acoustic field by applying direct global 
matrix approach to obtain the modal expansion coefficients [5]. By using a square-root Helmholtz operator 
splitting algorithm, Ying et al proposed an alternating direction implicit three-dimensional fluid parabolic 
equation solution method with enhanced accuracy for the wedge problem [6]. The adiabatic mode parabolic 
equations were also used to approximate the solution of the three-dimensional Helmholtz equation by 
modal decomposition of the acoustic pressure field, in which the mode amplitudes satisfy parabolic 
equations that admit analytical solutions in the special case of the three-dimensional wedge [7]. Tang et al 
obtained the characteristics of horizontal refraction in the wedge-shaped ocean and released the MATLAB 
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code on the website of Ocean Acoustics Library [8]. Present work is aimed at the parallel implementation of 
three-dimensional acoustic field in a wedge waveguide after the transformation Tang’s code to the 
FORTRAN version and performance test on the “Tianhe-2” and KNL platforms. It is expected to support 
the benchmark of three-dimensional range-dependent propagation problem from the perspective of 
computational speed. 

2. BASIC MATHEMATICL PROBLEM 

2.1 Reflection of Plane Waves 
If the interface between two media is untitled as Figure 1, the spherical wave field is decomposed into a 

linear superposition of plane waves. For the sake of boundary reflection, these plane waves are only 
modified with amplitude, phase and direction of propagation. The reflection coefficient V on the interface 
is introduced to account for the quantitative change of plane wave properties. In the local Cartesian 
coordinate system of image source,  is a unit vector normal to the interface. The wave-number vector  
and  are here intersected at the incidence angle , which can be described as below. 

                                     (1) 

In frequency domain, the spherical wave field at the receiver point is the contribution of homogeneous 
and inhomogeneous plane waves. For the former plane wave, the incidence angle  is real from  to 

. For the latter one,  is varying form  to ∞ shown in Figure 2. Taken into account of 
plane-wave reflection, the coefficient V can be demonstrated as following. 

                             (2) 

  

Figure 1 – Image source for untitled interface Figure 2 – Range value of  for untitled interface 
For the formula above,  and  are the magnitudes of the wave-number vector normal to the media 

interface in the upper and lower fluids respectively, whose expressions are responding to that 

,                      (3) 

where  and are the density values in the upper and lower fluids respectively,  and are the sound 
speeds in the upper and lower fluids respectively and  is angular frequency for the harmonic point 
source. 

2.2 Image Source for an Inclined Interface 
In the wedge-like waveguide problem, there is an angle for the interface between two media, which 

can be drawn as the inclined case as Figure 3. In order to decompose the plane waves, it is necessary to 
apply the spherical polar coordinate system for the spherical wave field. Then the wave-number vector  
and coordinates  at receiver point can be transformed into the spherical polar forms. 

, ,                    (4a) 

, ,                    (4b) 
where  or  is the angle between  or  and the  axis and  or  is the angle between the 
projection of  or  onto the  plane and the  axis. 
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Figure 3 – Image source for inclined interface 

By the coordinate transformation and variables separating, the mathematical representation of reflected 
acoustical field at the receiver point can then be written in the following formula. 

           (5) 

where  and  are derived from the dot product of  and . 
And the incidence angle  is then expressed as the result of spherical components. 

                       (6) 
Here  is the function of both  and , which adds the integral difficulty of formula (5). It is well 

known that the integration of exponential term can be expanded in a Bessel function series. In the 
assumption of isotropic media, the reflected acoustical pressure can be simplified as below in the chosen 
coordinate system. 

 (7) 

                          (8) 
where , and  are the first-kind Bessel functions of zero order,  order and  order 
respectively and  is the Fourier coefficient. 

2.3 Acoustic Field in a Three-dimensional Wedge 
The geometry of a wedge-like waveguide in three-dimension acoustical problem is shown as Figure 4. 

The angle of wedge apex is defined as with the sea surface and bottom. A harmonic point source is 
placed in the three-dimension acoustical filed. In an orthogonal coordinate system, the origin  is fixed at 
the wedge apex, the positive  axis is toward the wedge volume, the positive  axis is pointing 
downward and  axis is along the wedge slope. Present work is aimed at the numerical calculation of 
acoustical propagation at receiver points in the three-dimension wedge-like waveguide. 

 
Figure 4 – Geometry of a wedge-like waveguide 

Each reflection on both the surface and bottom boundaries raises the number of image source, which is 
located on the circle centered at the wedge apex. There are totally four kinds of image sources at specific 
reflection number  from the bottom boundary. In order to identify the image source uniquely, a 
parameter  is adopted with values of . Whether the first reflection occurred at the surface or 
bottom is related to , which is the number from the surface reflections. In the case of , the image 
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source is below the bottom. For , the image source is above the bottom. The angle between a line 
passing through the source and wedge apex is defined as . If both the source 
location and wedge angle are specific, the angle of image source can be denoted as Φ , which is taken the 
interface-reflection effect into account.  

2 ( 1), 2
2 , 1

2 , 1

2 ( 1), 2
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n l
n l

n l

n l

                              (9) 

The geometry of the image source in acoustic field is shown in Figure 5. For discrete receiver points in 
the space, the complex pressure of acoustic field can be obtained by the double integration as formula (10). 
If only the actual source is taken into account, the acoustic pressure at receiver point is related to the direct 
wave. However, the reflection of plane wave on the surface or bottom interface exerts significant effect on 
the acoustic field. For certain bottom reflection, more exact pressure should be the superposition by four 
kinds of image source. All the image sources are distributed on the arc such as Figure5. The quantitative 
value of acoustic field by a large enough number  is less marked with the increase of bottom reflection, 
which hints that the acoustic pressure is convergent in the computational field. 

Φ                         (10) 

 
Figure 5 – Images of the source in acoustic field 

3. DESIGN OF PARALLEL STRATEGY 

3.1 Analysis of Computational Flow 
Computational flow of the acoustic field by image source method is illustrated in Figure 6. Firstly, 

three-type parameters involving the actual source, receivers and environment are input. For actual source, it 
is necessary to obtain the frequency and coordinates in space. The exact position of receiver points should 
be also specific. Parameters of the environment are inclusive of the angle of wedge apex, sound speed in 
water and bottom. 

Three loops are included in the whole framework. The number of bottom reflection is related to the 
outer loop, which initiates the calculation or update of coefficient V for plane-wave reflection as part one. 
For the reason that specific image source is corresponding to the angle , the middle loop is related to 
the different kind of image source. If the interface is inclined, the Cartesian coordinates of actual source or 
image source and receiver points are then transformed into the cylinder ones. The output of coordinate 
transformation is then input to calculate the first-kind Bessel functions with multiple sequences denoted as 
part two. The contribution of actual source or image source to the acoustic field is described in a 
quantitative way by the production of Fourier coefficient and Bessel function in part three, where the 
reflection coefficients are needed from the part one of outer loop. Therefore, the computation of inner loop 
depends on the maximum number of Bessel sequence. Based on the superposition principle in numerical 
integration, the acoustic pressure is obtained by the Simpson integration for integral variable , which is 
marked as part four. If the difference between the former pressure at  and present one at  
is small enough, the numerical results can be considered to be convergent and the whole computation is 
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then ended. From the view of computational complexity, the four parts mentioned above are very 
time-consuming. 

 
Figure 6 – Computational flow of the acoustic field by image source method 

3.2 Task-level Decomposition 
From the analysis of computational flow above, the acoustic pressure is solved by iteration related to 

the number of reflection, which determines that the outer loop can’t be parallel implemented. Additionally, 
the reflection coefficient is relevant between the part one and part three. A feasible parallel solution may be 
mined for the fusion of middle and inner loops, in which the degree of parallelism is only the production 
between the maximum number of Bessel sequence and four kinds of image source. Such parallel 
implementation is limited to the high scalability. 

The task-level decomposition in coarse granularity is here explored from the receiver points illustrated 
in Figure 7. In the condition of specific parameters for the actual source and environment, the calculation of 
acoustic pressure at each receiver point is absolutely independent. Therefore, the space of receivers can be 
divided into many subspaces in three dimensions and each subspace is then mapping to the specific 
computational task. This parallel implementation can be easily decomposed in the task level and extended 
to many CPU cores by the MPI model. 

 
Figure 7 – Mapping from the subspaces to the computational tasks 

The calculation of large matrix in some parts is especially compute-intensive, which may be 
suitable for the parallel implementation of OpenMP model. With the part one as example, pseudo code 
by the OpenMP parallel is illustrated in Figure 8. The dimension of reflection coefficient matrix is 

, which are corresponding to the integral variables in formula (7). For the sake of computational 
accuracy, the discrete number of  or  is generally set in the thousands. From the formulas (3) and 
(6), the variable  is the function of  and  and each element in the reflection coefficient matrix is 
relatively independent, which is applicable to the task decomposition in different threads. During the 
program execution, each subtask is mapping to the computation of specific thread according to the set 
of OpenMP environment variable. 
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!$omp parallel & 
!$omp & default(shared) & 
!$omp & private( iph, ith, cos_phi_b, gam1, gam2) 
!$omp do collapse(2) 
do iph = 1, nph                                                % nph is the discrete number of  

do ith = 1, nth                                               % nth is the discrete number of  
cos_phi_b = sin(theta_b)×sin(theta(ith))×cos( phi(iph))+cos(theta_b)×cos( theta(ith))   % formula (6) 
gam1 = k×cos_phi_b 
gam2 = k×sqrt( (c1/c2)2-1.0 + cos_phi_b2 )                                    % formula (3) 

 BotRefl = (rho2_rho×gam1-gam2)/(rho2_rho1×gam1+gam2)                     % formula (2) 
Vtotal(ith, iph) = Vtotal(ith, iph)×BotRefl                                    % update V 

enddo 
enddo 

!$omp end do 
!$omp end parallel 

Figure 8 – Pseudo code of the OpenMP implementation for reflection coefficient 

4. PERFORMANCE OF PARALLEL OPTIMIZATION 
4.1 Platforms and Cases 

Two types of computer platforms are considered in present work. They are the many-core platform of 
“Tianhe-2” and multi-core platform of Intel Xeon Phi 7250 (formerly Knights Landing, KNL). Super 
computer “Tianhe-2” is typical cluster structure, whose computing nodes are connected by high-speed 
internet and can communicate with each other. It is configured with the tens of thousands of Ivy Bridge 
processor and Xeon Phi coprocessor. This type of test platform was ranked as the fastest supercomputer in 
Top 500 from 2013 to 2016 [8]. KNL is the second generation with Many Integrated Core architecture, 
which is specifically designed for highly parallel workloads by Intel [9]. The working mode of KNL may be 
used as the master processor or a coprocessor whose peak performance per node can reach 3.0T FLOPS 
with double precision. KNL-7250 is advantageous of the optimal performance to power ratio between the 
four products launched by Intel in 2016. Table 1 lists the hardware and software configurations of above 
two platforms at one node. 

Table 1 – Configurations of the test platforms at one node 
Items Tianhe-2 KNL 

CPU type Intel Xeon E5-2692 v2 Intel Xeon Phi 7250 
CPU cores 24 68 

CPU frequency 2.2 GHz 1.4GHz 
Main memory 64 GB 16 GB 

Operating system Red Hat 6.5 Red Hat 4.8 

The test cases of three-dimensional acoustic filed in a penetrable wedge include two conditions of the 
along-slope and cross-slope propagations at certain water depth. That is to say, the first case is for the 
receiver points on the  plane and the second one is parallel to the  plane in Figure 4. Some 
identical settings in both cases are inclusive of source frequency , wedge angle , 
sound speed in water , sound speed in bottom , water density 

, bottom density  and bottom attenuation . Other parameter settings are 
all listed in Table 2. 

Table 2 – Settings of some parameters in the two test cases 
Parameters First Case Second Case 

Receiver position   
Discrete number of receiver points 512 512 

Source position   
Discrete number for integral  7002 7002
Discrete number for integral  1001 1001

Maximum number of bottom reflection 9 30 
Sequence number of first-kind Bessel function 2 50 

Number of image source 38 122 
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4.2 Parallelization of Sequential Code 
It is very important to parallelize sequential code for that the code must be operated in sequence in the 

parallel zone, single process or single thread. In order to compare the performance by different compiler 
and its options, several schedules are explored for the first case of wedge acoustic field on Tianhe-2 and 
KNL, whose results are illustrated in Figure 9. The high-level optimization of compiler is inclusive of –O3 
and –O2 and the low-level optimization is for –O1 and –O0. The larger value of –O means higher 
parallelization. The option of –funroll-all-loops is loop unrolling, in which the compiler unrolls the loops to 
reduce the number of branches. Test results show that the consuming time on Tianhe-2 is rather less than 
that on KNL. The parallel performance is better if the compiler options of –O3 and –funroll-all-loops are 
both combined for the ifort than gcc. 

 
Figure 9 – Parallelization of sequential code by different compiler and options 

4.3 Multi-thread Parallelization 
Each node of KNL has 68 CPU(s) which can launch four threads simultaneously. For the first and 

second cases, multi-thread parallelization is implemented on the KNL platform, whose results are shown in 
Figure 10. If the thread number increases to 64, the speed up of performance is excellent. However, the 
parallelization is not good if the thread number is larger than 64. At these conditions, the multi-thread 
parallelization is up to the load limit of KNL, which is corresponding to the half-full-load status. However, 
the maximum number of threads is 272 for KNL in physical. 

  
(a) First case (b) Second case 

Figure 10 – Multi-thread parallelization on KNL platform 

4.4 Hybrid MPI/OpenMP Parallelization 
The performance test of hybrid MPI/OpenMP is also explored for the two cases. On the Tianhe-2 

platform, different combination is configured for the 1 24, 2 12, 4 6, and 8 3, where the former 
number is corresponding to the processor and the latter one is to thread. From the test results in 
Figure 11, the performance of large thread number is better than that of processor number. 
Additionally, the calculating task of part three is very significant for the second case. By the hybrid 
MPI/OpenMP test, it can improve the performance by the proper combination of process and thread 
numbers. 
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(a) First case (b) Second case 

Figure 11 – Hybrid MPI/OpenMP parallelization on Tianhe-2 platform 

5. CONCLUSIONS 
For the three-dimensional acoustic field computation in a penetrable wedge by image source 

method, the parallel model by MPI and OpenMP is proposed in present work. The time-consuming and 
speed-up performances of sequential parallel, multi thread and hybrid MPI/OpenMP parallels are also 
tested on the Tianhe-2 and KNL. Some results demonstrate the good acceleration and scalability for 
further exploration. 
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Abstract
Results from an experiment on surface duct propagation in Sognefjord, Norway, are presented. The research
cruise was conducted with RV ELISABETH MANN BORGESE (IOW, Germany) in November 2016. The
surface duct with positive sound speed gradient had a depth of 68 m and showed a two-layer structure with a
pronounced step in sound speed at 26.5 m depth. The experiment was performed with a freely drifting projector
buoy and a horizontal receiver array. The array was towed at 3 kn speed up to a distance of 10 km from the sound
source. Source and receiver were positioned both at 22.5 m depth. The work addresses frequency dependency
and spatial variability of transmission loss in the surface duct within the frequency regime from 1.1 kHz to 3.25
kHz.
Keywords: Underwater acoustics, sound propagation, transmission loss, surface duct

INTRODUCTION
Many applications in underwater acoustics, such as underwater noise measurements [1, 2], underwater commu-
nication [3], or SONAR[4], require a profound knowledge of the sound propagation conditions in the sea. The
propagation of sound is substantially influenced by spatial (and temporal) variations of the sound speed as well
as by sound attenuation, for instance, due to absorption [5].
The speed of sound depends on temperature, salinity, and pressure and due to stratification in the sea substantial
variations of sound speed can occur in vertical direction [7]. A gradient in a vertical sound speed profile causes
sound refraction and deep sound channels form at (local) minima of a vertical sound speed profile, such as,
e.g., the SOFAR channel in the deep ocean [6]. In a sound channel the transmission loss related to geometrical
spreading is substantially reduced in comparison to spherical spreading.
The sea surface behaves approximately like a pressure release boundary and acts as a reflector for underwater
sound. In case of a positive sound speed gradient in the surface layer, a sound duct forms in which sound is
trapped and prevented to travel into deeper water layers. In an ideal surface duct the (geometric) transmission
loss is governed by cylindrical spreading, however, losses due to absorption and other mechanisms also occur
in a realistic surface duct. Attenuation mechanisms are, e.g., scattering at the sea surface and diffraction (at low
frequencies) [8, 9, 10, 11, 12]. Surface duct propagation is of relevance, e.g., in ship acoustics, since surface
ships represent near-surface sound sources.
In this work results from an experiment on transmission loss in a surface duct that formed in the Norwegian
Sognefjord in November 2016 are presented. A focus of the work is given to the spatial variability of transmis-
sion loss as well as the frequency dependence of sound attenuation.

SOUND SPEED PROFILES IN SOGNEFJORD
The Sognefjord in Norway is a fjord-type estuary with a sill at the fjord entrance that determines the exchange
of water between ocean and fjord. The main thermocline in Sognefjord is typically located at about 90 m to
150 m depth with a seasonal variability in the upper layers. The surface layer in Sognefjord is influenced by
fresh water inflow from the surrounding mountains as well as by wind, waves, and tidal currents.
In Figure 1 (a) two vertical profiles of sound speed measured in central Sognefjord, south of Høyanger fjord,
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on November, 23rd , and, for comparison, on November, 20th, are presented. The former profile was recorded
shortly before the acoustic measurements. The profiles were obtained with the on-board CTD probe of RV
ELISABETH MANN BORGESE.

Figure 1: Vertical sound speed profiles measured in Sognefjord (Norway) in November 2016. The surface duct
on November, 23th, had a depth of 68 m and showed a two-layer structure in sound speed. Receiver array and
projector were both located at a depth of 22.5 m during the acoustic measurements.

A deep sound channel with an acoustic axis located at about 125 m depth as well as a surface sound channel
with a positive sound speed gradient can be found in both profiles. Shortly before the acoustic measurements
on November, 23rd , the surface duct had a depth of 68 m and a two-layer structure with a pronounced step in
the sound speed at 26.5 m depth. During the experiments receiver and transmitter were positioned at a depth
of 22.5 m, i.e. above the step in sound speed.

TOWING EXPERIMENT
The acoustic experiment was performed with a freely drifting projector buoy that was deployed at the CTD
measurement position. The drift buoy consists of an electronic unit with a cylindrical projector at 22.5 m depth
and a communication unit equipped with AIS and GPS. With a period of 40 s HFM down-sweeps (hyperbolic
frequency modulation) with a center frequency of 2.5 kHz, a bandwidth of 3 kHz, and length of 1 s were repeat-
edly emitted. Pulse emission was triggered by GPS. During the measurements the projector buoy experienced a
(weak) drift in Sognefjord due to wind and currents.
The emitted pulses were recorded with a horizontal array towed from RV ELISABETH MANN BORGESE at
a speed on 3 kn and a depth of 22.5 m. The towed array has a total length of 9.2 m and consists of 16
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hydrophones having an equidistant spacing of 7.5 cm [13]. The travel time of pulses have been determined by
matched filter techniques [14]. Acoustic path lengths can been calculated from the travel times and the (average)
sound speed along the paths.

Figure 2: Space-time diagram showing the acoustic path length between sound source and receiver (correspond-
ing to the horizontal distance) as well as the reverberation due to multipath propagation in Sognefjord. The
direct pulse is separated from the reverberation. Note, that path length corrections for reverberation due to
sound speed variations along the acoustic paths are not applied.

The space-time plot depicted in Figure 2 displays the output of a matched filter and reflects the acoustic path
lengths r of the received pulses for each HFM pulse emitted at time T . Since path lengths are calculated in this
diagram from the sound speed at measurement depth, it is only exact for the direct pulse. For this pulse the
path length corresponds to the horizontal distance between transmitter and receiver. In this work transmission
loss is only analyzed, however, for the direct pulse, so corrections of path lengths due to sound speed variations
were omitted in Figure 2. It can be seen that the direct pulse is clearly separated from the reverberation.
Since the receiver is towed at constant speed, an almost straight line appears for the direct pulse in the space-
time plot in Figure 2 up to the turning point at 10740 m. This point was reached after 7480 s of measurement
time.

FREQUENCY-DEPENDENT TRANSMISSION LOSS
Transmission loss (TL) is defined as the ratio of sound intensities at a reference distance r0 = 1 m and the
distance r between sound source and receiver, given in decibel. It comprises of geometrical spreading of sound
power TLgeo as well as of sound attenuation TLatt , i.e. TL = TLgeo + TLatt . While spherical spreading yields
TLsph,geo = 20·log10(r/r0), cylindrical spreading leads to TLcyl,geo = 10·log10(r/r0). The transmission loss for a
point source in an idealized surface duct is given by [5]:

TLsd = 10 · log10(r/rt)+20 · log10(rt/r0)+ a(dB/km)× r (1)
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The horizontal distance rt reflects a transition zone beyond that sound rays from the point source are trapped in
the surface duct. In general only a fraction of the sound power emitted from a near-surface source is entering
into a surface duct. Transmission loss in a surface channel includes not only geometric spreading, but also
attenuation a = (aabs + aloss) due to absorption aabs and other loss mechanisms aloss, such as scattering or
diffraction.

Figure 3: Transmission loss in the surface layer of Sognefjord measured at 22.5 m depth. Note, that only the
direct pulse has been considered in the TL calculations.

The transmission loss in the surface duct formed in Sognefjord on November, 23rd , is depicted in Figure 3.
It is determined from spectral analysis of the received pulses in the frequency regime from 1.1 kHz to 3.25
kHz. For distances up to a few kilometers the TL exhibits an undulating pattern showing only weak frequency
dependence. Sound attenuation, on the other hand, depends significantly on frequency. This is reflected by
increasing TL towards higher frequencies, which becomes apparent for distances larger than a few kilometers.
In Figure 4 the transmission loss due to sound duct propagation at 1.1 kHz (a) and 3.25 kHz (b) is depicted.
The results of the surface duct model (equation 1) with an assumed transition range of rt = 200 m is plotted for
comparison. A reasonable agreement can be achieved in case the attenuation coefficient is significantly larger
than the corresponding absorption coefficient α . Since the frequencies considered in this work are well above
the critical channel frequency, it is not unreasonable to conclude that scattering processes play a crucial role as
a dominant loss mechanism.
A striking feature that can be recognize in both experimental TL curves is an undulation with a peak-to-peak
value up to 15 dB. This behavior is particularly pronounced within a range of a few kilometer distance between
source and receiver and is not captured in the surface duct model. It should be stressed, that transmission loss
is only determined in this work for the case in which source and receiver move away from each other.
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(a) (b)

Figure 4: Transmission loss for 1.1 kHz (a) and 3.25 kHz (b). For comparison the transmission loss of the
surface duct model (equation 1 with rt = 200 m) with and without attenuation is plotted. The coefficient α

reflects the (frequency-dependent) absorption.

CONCLUSIONS
A sound propagation experiment has been conducted in a surface duct in Sognefjord, Norway, in November
2016. The surface duct with positive sound speed gradient had a depth of 68 m (measured shortly before the
acoustic experiment) and a pronounced two-layer structure with a step in sound speed at 26.5 m depth. A
receiver array was towed from RV ELISABETH MANN BORGESE (IOW, Germany) at low speed and a depth
of 22.5 m, while a freely drifting projector buoy acted as a sound source. The experimental results reveal
a frequency-dependent attenuation, which is dominated by mechanisms other than absorption in the frequency
regime between 1.1 kHz and 3.25 kHz. The TL curves show an undulating spatial variation having a peak-to-
peak value up to 15 dB within a range of one kilometer or below. Though it is not unreasonable to conjecture
the two-layer structure of the surface duct to underly the pronounced spatial variation in the TL curves, a
definite answer, however, must await a numerical investigation of this phenomena. This is beyond the scope of
this work.
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An underwater vehicle shape with reduced acoustic backscatter 

Tom AVSIC 

thyssenkrupp Marine Systems GmbH, Germany 

ABSTRACT 

In some underwater applications, acoustic backscatter might have undesired consequences, such as 

interferences in underwater communications or echoes in the sonar image. Acoustic backscatter of an 

underwater object is classically reduced by applying appropriate absorbing materials on the surface. 

Absorbing materials convert the acoustic energy into heat and their thickness is usually on the order of a 

quarter wavelength. In some cases, the application of absorbing materials might have unacceptable 

drawbacks on other design criteria. For long-distance acoustic propagation (by way of the acoustic channel 

propagation,) it can be shown that undisturbed sound travels nearly horizontally within a limited vertical 

angle of no more than ± 20° from the horizontal plane. Hence, for long-distance applications, the acoustic 

backscatter can be reduced by proper shaping of the vehicle’s lateral outer hull. In case the outer hull is not 

opaque enough to shield the vehicle’s inner structures (with potentially high backscatter risk), reflective 

material can be applied. The working mechanism of reflecting materials is the impedance mismatch and 

hence, reflecting materials can be much thinner than absorbing materials. This conference contribution will 

address the worldwide sound spreading in the ocean and show the guidelines for a geometric outer hull 

shaping. 

 

Keywords: underwater sound propagation, target strength, scattering 

1. INTRODUCTION 

During the last decades, considerable effort has been made to reduce the radiated acoustic noise of 

submarines – especially of the diesel-electric types. Such ultra-quiet submarines are difficult to detect 

by passive sonars alone; therefore, new multi-static active sonar techniques were developed which 

dramatically increased the acoustic detection ranges of the nowadays submarines. This technological 

development motivates the reduction of the target echo strength (TES) for newly built submarines. A 

technique to reduce the backscattering towards the sonar system is based on specular reflection. The 

idea for this technique is known now for nearly 100 years (3). Later on, the technique was adopted to 

reduce the radar cross-section and is often called the stealth technique. 

Although this technique is successfully used for radar cross-section (RCS) reduction, it was never 

used consequently on an underwater vehicle to reduce its target echo strength (sonar cross-section). 

The question arises: why this technique is used for RCS reduction but not for TES reduction. Is this 

technique possibly inappropriate for TES reduction? 

This TES reduction technique involves three interacting domains, which need to be considered in 

an overall concept. These are: the sonar system, the sound propagation and the reflectivity of the 

submarine. The sonar signal is transmitted by a sonar system – most often directed into a certain spatial 

direction or domain. The sound propagation through the sea determines the signal paths and the 

potentially disturbing reflections from the sea surface and the sea floor. The submarine itself will 

reflect and/or scatter the sonar signal, which has to travel again through the sea to arrive at a sonar 

system where it could be detected. 

The first part of the paper is a general analysis of worldwide sound propagation in the sea and 

determines the long distance angular propagation sector of the sonar signal. The second part calculates 

the reflection of different geometrical shapes for the previously derived long distance angular 

propagation sector. Hence, appropriate design criteria can be derived for a TES reducing shape. Finally, 

the TES of a classical shaped submarine (with and without anechoic material) is compared to  a stealth 

shaped submarine. 
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2. Vertical propagation sector 

The sound speed in the ocean is not homogeneous. Compared to the vertical variations, the 

horizontal variations are usually small. The vertical sound speed variations have a strong impact on the 

long distance sound propagation. Increasing hydrostatic pressure with depth yields an increasing 

sound speed with depth and warm water masses near the sea surface increases the sound speed near the 

sea surface. Hence, a sound speed minimum is found at a certain depth, which is, for tropical and 

subtropical climate zones, usually at about 1000 m. In temperate climate zones, this minimum is at a 

lower depth (50 m – 200 m). For polar and subpolar zones, it is usually at the sea surface, due to the 

lack of warm water masses at the surface on account of the frigid conditions. 

The acoustic waves are refracted towards waters with lower sound speed, i.e. towards the depth of 

the minimum sound speed. They overshoot this depth and subsequently, they are again refracted 

towards the minimum. The sound is trapped within the sound channel axis and it can travel over very 

long distances without coming in contact by the sea surface or the sea floor. This is important, because 

every contact with the sea surface or sea floor will reduce the acoustic signal in to the propagation 

direction. Consequently, the undisturbed sound propagates within a certain vertical angular range, 

depending on the sound speed profile. 

A basic worldwide sound propagation study has been conducted to determine the range in elevation 

angle of long distance sound propagation. The example of the sound propagation in the Ionian Sea (a 

part of the Mediterranean Sea) is used to explain the procedure. During the summer, a relatively 

shallow but very distinct sonar channel is formed, with its axes at about 150 m depth. Due to the 

refraction of the sound by the inhomogeneous sound speed profile, sound generated by an acoustic 

source can travel at multiple but distinct paths to the target. If the ray-tracing method is used to 

simulate the sound propagation, these paths are named eigenrays. The eigenrays between the sound 

source (sonar) and the target (submarine) - both at 150 m depth - have been computed over the 

horizontal distance of up to 120 km (e.g. Figure 1 shows the eigenrays for a horizontal distance of 20 

km together with the corresponding elevation angles at the sound source and the submarine ). In the left 

panel of the Figure 2, these elevation angles at the submarine are plotted as dots with respect to the 

horizontal distance (up to 120 km). The arrival angles of the undisturbed rays are marked with red dots, 

the rays with surface reflections are marked with cyan dots and the rays, which also experience bottom 

reflections, are marked with blue dots. With every bottom or surface reflection, the blue color is faded 

out a bit, to emphasis that with every reflection the sound signal weakens in intensity. The distribution 

of vertical incident angles of all eigenrays (including surface-reflected but excluding 

bottom-reflected), was generated to highlight the propagation sector. For this sound speed profile, the 

eigenrays impinge onto the submarine within a vertical angle of about ±17°. It is this maximal vertical 

angle, which defines the vertical propagation sector for this particular region. Including the 

surface-reflected but excluding the bottom-reflected rays highlights the fact that the surface reflected 

rays often could be used for sonar detection, however the bottom reflected usually not.    

 

Figure 1 – Left: Eigenrays for the Ionian Sea summer profile. Sound source and submarine are both at 150 m 

depth and with a horizontal distance of 20 km. Right: Table with the corresponding elevation angles at the 

sound source and the target (submarine). 
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Figure 2 – Vertical incident angle of eigenrays vs. distance (left) and the corresponding distribution of all rays 

without any bottom reflections (right). The eigenrays are color coded as red: undisturbed, cyan: surface 

reflected, blue: bottom/bottom-surface reflected. 

 

Figure 3 – Worldwide vertical propagation sector 

The maximal vertical propagation angle is calculated worldwide on a 5°  x 5° 

latitude-longitude-grid and displayed in Figure 3. From this figure it can be deduced, that the vertical 

propagation sector is not more than ±20°, no matter where in the World Ocean the submarine is 

operating. The reverse conclusion is that if the sonar signal is reflected away from the vertical 

propagation sector, the scattered signal will not arrive at the sonar system and hence the submarine will  

most likely not be detected. If a stealth shape is used to reduce the TES of an underwater vehicle, the 

shape then has to ensure, that the sonar signal is reflected in a vertical direction either above +20° or 

below -20°. 

2.1 Eigenray interaction 

The sound propagation in the ocean is in general a multipath propagation. Sound transmitted from 

an acoustic source can reach the submarine via multiple paths. The submarine does not reflect the 
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impinging sound in one direction only, but scatters the sound effectively into all directions. The 

scattering is not uniform over the possible directions; however, a significant TES contribution may 

occur from sound coming from path A and being scattered into path B. 

As an example, we could look more closely at the two eigenrays with two turning points in  Figure 

1 (Ray ID -2 and +2). The first impinges onto the target at a vertical aspect angle of -4.1°, the second 

at an angle of +4.1°. Because of the reciprocity of the eigenrays, the eigenrays for the sound traveling 

from the sonar to the target are the same as for the sound travelling back from the target to the sonar. A 

large vertical plate as a target would have a small TES for the two aspect angles ±4.1°; however the 

specular reflection would bounce the energy from the -4.1°-ray into the +4.1°-ray and vice versa. 

Subsequently the plate would have an even higher TES as would be the case for a single ray having 

normal incidence. This phenomenon can be denoted as eigenray interaction. 

To describe the eigenray interaction mathematically, we start at the sonar equation for the receiving 

level (RL) in dB: 

RL = SL + TL + TES + TL 

 

where SL is source level and TL the transmission loss (propagation loss). The received acoustic 

pressure (in linear scale) for the acoustic ray i (ray path reciprocity) is: 

 

𝑝𝑖
𝑅𝑥 =  𝑝𝑇𝑥 ∙ 𝑡𝑙𝑖 ∙ 𝑡𝑒𝑠𝑖𝑖 ∙ 𝑡𝑙𝑖 

 

And the received acoustic pressure for the incident acoustic ray path i and the reflected acoustic ray 

path j is: 

𝑝𝑖𝑗
𝑅𝑥 =  𝑝𝑇𝑥 ∙ 𝑡𝑙𝑖 ∙ 𝑡𝑒𝑠𝑖𝑗 ∙ 𝑡𝑙𝑗 

 

The received acoustic pressure for all combinations of acoustic rays i and j can be written using 

vector and matrix formalism: 

𝑡𝑙 = [𝑡𝑙1 𝑡𝑙2  𝑡𝑙3 ⋯ 𝑡𝑙𝑁 ] 
 

𝑝𝑅𝑥 =  𝑝𝑇𝑥 ∙ 𝑡𝑙 ∙ [

𝑡𝑒𝑠11 ⋯ 𝑡𝑒𝑠1𝑁

⋮ ⋱ ⋮
𝑡𝑒𝑠𝑁1 ⋯ 𝑡𝑒𝑠𝑁𝑁

] ∙ 𝑡𝑙𝑇 

 

The tli and tesij values must be complex valued to account for travel-time variations (between the 

different ray paths) and the correct phase changes of reflections (e.g. the water-surface reflections 

reflect the phase of the signal). 

To deduce the reflectivity levels within the ray interaction matrices (𝑡𝑒𝑠𝑖𝑖) , multipath TES 

combinations were calculated for the vertical incident and reflected angles ranging from -20° to +20°. 

Results for four different geometrical shapes with identical cross section area of 30m×6m (namely the 

cylinder, flat plate, corner backside and foreside) are shown in Figure 4. The dots in the center of each 

panel mark the positions where to pick-up the 𝑡𝑒𝑠𝑖𝑖  levels of the ray interaction matrix which 

correspond to the eigenrays shown in Figure 1. The energetic (incoherent) mean of the 𝑡𝑒𝑠𝑖𝑖 levels is 

indicated by a line in the color bars. The cylinder has a remarkably uniform scattering of the acoustic 

intensity over the entire vertical angular sector (note the uniform color over the entire panel in the 

Figure). Besides the normal incidence case (0°, 0°), the flat plate shows high bi-static TES levels at the 

specular reflection axis (from the lower right corner to the upper left) whereas the foreside of the 

corner reflector show very high monostatic TES levels (from the lower left to the upper right corner). 

The backside of the corner reflector (roof shape) has comparably low TES levels over the entire 

angular range considered. 

The concept of eigenray interaction is used to ensure that the TES reduction efforts on a submarine 

covers the entire vertical propagation angle. It enables one to combine the sound propagation effects 

with the scattering characteristic of the submarine (or more generally  that of an arbitrary acoustic 

target). This is especially important in oceanographic regions where  the sound propagation is 

characterized by a wide angular (vertical) spread. 

An inclined flat surface is able to reflect the sonar signal away from the vertical propagation sector, 

if its inclination from the vertical is sufficiently high (more than ~30°). In addition, its dimensions 

have to act as a reflector and not as an acoustic scatterer.    
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2.2 Hydroacoustic materials for TES reduction 

Hydro-acoustic materials can be used as coating materials to reduce the TES of a submarine. Most 

self-evident is simply to cover the outer hull with an echo reduction material. However, echo reduction 

materials for low sonar frequencies are very thick, bulky and often heavy. TES reduction can also be 

obtained with transmission loss (TL) materials. In case there is an object with high TES behind a 

semi-transparent surface with low TES, then coating the semi-transparent surface with a TL material 

leads to shadow/shield the object with the high TES (1). 

The TL material is relatively thin and at the same time suitable also for very low sonar frequencies. 

It achieves 10 dB transmission loss up to 150 m diving depth, while the thickness is less than 20 mm. 

The nearly neutral buoyancy for seawater may allow an implementat ion on existing submarines. 

The echo reduction (ER) material can be used on large surfaces with high reflectivity. This is in 

general at the pressure hull, which is not semi-transparent but fully reflecting and also at the sail (if its 

sides have nearly vertical orientation). However, for low frequencies the required material thickness is 

unfortunately high. A thickness comparable to a quarter of (the sonar signal) wavelength is usually 

used for absorbing materials. For 1 kHz, this results in an absorber thickness of 375 mm. 

 
Figure 4: Multi-static TES combinations for vertical incidence angles and vertical reflected angles ranging 

from -20° to +20° respectively. Results for four different geometrical shapes with identical cross section area 

of 30m×6m are shown (namely the cylinder, flat plate, corner backside and foreside). The dots mark the 

positions where to pick-up the 𝒕𝒆𝒔𝒊𝒊 levels of the ray interaction matrix for the eigenrays shown in Figure 1. 

The energetic (incoherent) mean of the 𝒕𝒆𝒔𝒊𝒊 levels is indicated by a line in the color bars. Sonar signal: a 

sweep in frequency from 2.7 kHz to 3.3 kHz 

3. TES of a classical submarine 

Often, the TES calculations assume fully reflecting objects, i.e. reflection coefficients of unity. 

However, a submarine’s outer hull is not completely reflecting and numerous scattering objects of 

different sizes and shapes can be found beneath the hydrodynamic casing. Hence, it is not adequate to 

consider solely the outer hull for the entire TES calculation. 
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The TES calculation and TES reduction techniques are emphasized on a geometrical model 

submarine named BeTSSi (2) (Figure 5). BeTSSi has features of a modern submarine without sharing 

specific similarities with any particular submarine class. That makes it an ideal neutral candidate to 

study TES behaviour and reduction. BeTSSi’s overall model-length is 62 meters and the 

model-diameter of the pressure hull is 7 meters. The casings of the bow, upper deck, sail and stern are 

modelled as 10 mm steel. These areas are modeled with flooded sea-water. That means that the 

medium in front and behind the steel casing is seawater. In such conditions, a 10mm steel plate is 

nearly transparent for low sonar frequencies. Obviously the objects lying within the flooded areas, 

such as the bulkheads, torpedo tubes, masts and tanks, become important for any accurate TES 

calculation. The arrangement of the bulkheads forms several  significant corner reflectors, which in 

turn increases the resulting TES over a wide angular range. 

 
Figure 5: The fictive geometrical submarine “BeTSSi” used for exemplary TES calculations. 

 

We assume an active sonar source with a transmitting frequency of 1 kHz and 3 kHz. The TES of 

the uncoated submarine is shown as the blue curves in Figure 6. The overall TES value is somewhere 

between 10 dB and 25 dB. Several sharp peaks/highlights of high TES are present:  

 The bow peak (at 0° aspect angle) arises from the bulkheads of the ballast tanks in the bow 

 The beam peaks (at 90° and 270° aspect angle) are due to the large cylindrical pressure hull. 

 The 180° peak is due to the bulkheads in the sail and the submarine’s stern. 

Besides these distinct peaks, an area of intermediate levels can be found. Here, multiple reflections 

between the along ships’ and athwart ships’ bulkheads are responsible for the relatively high TES 

levels - especially at 3 kHz. 

 

Figure 6: Monostatic TES of a stealth-shape submarine (green) compared to the coated (red) and 

uncoated (blue) submarine model BeTSSi. Left: 1 kHz, right: 3 kHz. 
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4. Coating concept for TES reduction 

For a reflecting object, the main effect on the spatial TES characteristics comes from its geometric 

shape. A flat plate, if large compared to the acoustic wavelength, will reflect the sound in a narrow 

beam whereas a sphere will distribute the reflected sound over a wider angular range. This matter of 

fact can be used, together with hydro-acoustic materials, to develop a coating concept for TES 

reduction for the model submarine geometry BeTSSi. 

The first coating step is to apply the TL material onto the bow casing. This will decrease the 

transparency of the bow and hence the TES contribution of the large flat bulkheads behind the casing 

is reduced. Even if the reflectivity of the bow’s outer shell is increased, the TES of the bow peak will 

be reduced. The TES-calculation predicts a reduction of the bow peak of more than 10 dB, as shown in 

Figure 6 (red curves). The pressure hull is already fully reflecting, therefore applying TL material on 

its surface will not reduce the beam aspect peak. The beam peak may be reduced by applying the ER 

material (with an assumed reflection loss of 10 dB) to the pressure hull and the sail. In the case of the 

BeTSSi model, the 90°/270° peaks could be reduced by 8 dB. In addition, the submarine stern was also 

coated with the TL material, which reduced the peak at 180° by more than 15 dB. The overall 

monostatic TES value could also be reduced slightly at 1 kHz and significantly at 3 kHz.  

5. Stealth-shape concept for TES reduction 

As already proposed in 1922 (3), the TES can be reduced if the outer shape is modified according to 

the rules known today from the radar cross section reductions. Such a shape needs an opaque surface to 

work as intended. Therefore, a TL material would need to be applied nearly over the entire outer hull. 

The TES calculations with these types of shapes show very promising results. One such result is shown 

in Figure 6 (green curves) in comparison to the uncoated and coated BeTSSi model results. The beam 

aspect peak could be reduced by 12 dB to 25 dB at 1 kHz and 3 kHz; the bow and stern peaks could be 

reduced by 15 dB and 25 dB respectively. Note that, beside the few sharp TES peaks, the stealth-shape 

concept is able to reduce the TES over the wider angular range. This property is not observed with this 

intensity for the coating concept and it will be even more pronounced for the muti-static scenario.  

6. Comparison of the multi-static TES 

New multi-static active sonar techniques were developed which dramatically increased the acoustic 

detection ranges of the nowadays submarines. Due to the reflecting nature of the stealth-shape concept, 

it is often believed that this concept would not perform in a multi-static sonar scenario, as has been 

sometimes observed with stealth-shaped airplanes. However, the stealth-shape concept proposed by 

thyssenkrupp Marine Systems reflects the acoustic energy into the vertical sector such that  further 

sound propagation over long horizontal distances is no longer possible (without high attenuation). 

Figure 7 compares the multi-static target echo strength for the three mentioned submarines: the 

stealth-shaped submarine and the coated and uncoated BeTSSi model submarine. The azimuthal 

receiver aspect angle relative to the submarine is plotted on the x-axis and the transmitter aspect angle 

on the y-axis. The TES levels for all receiver/transmitter aspect angle combinations are color-coded. 

The upper panel shows the TES levels for a sonar frequency of 1  kHz and the lower panel for 3 kHz. 

On the left side, the TES levels of the original BeTTSi model submarine and on the right side the TES 

levels of the stealth-shaped submarine are displayed. In the center the TES levels of the coated BeTSSi 

model submarine are shown. At the diagonal from the upper left corner to the lower right corner, the 

monostatic TES levels are depicted again. The high TES levels from the lower left corner to the upper 

right corner represent the specular reflection of the broad side of the submarine. It can be seen that with 

the coating concept, the monostatic TES levels could be reduced - however the overall multi-static 

levels of the coated BeTSSi model differ not greatly from the uncoated BeTSSi model. Here clearly the 

advantages of the stealth-shape concept are highlighted. The stealth-shape concept achieves a 

significant reduction of the TES levels for virtually all multi-static transmitter/receiver aspect angle 

combinations. 
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Figure 7: The multi-static target echo strength with respect to the transmitter and receiver aspect angle for the 

three submarines: uncoated BeTSSi model, coated BeTTSi model and the stealth-shaped submarine. 

7. Summary 

The degree of reflection of acoustic signals is denoted as the “target echo strength” (TES). 

Concerning the “visibility” of submarines, this backscatter phenomenon is of the utmost importance. A 

correct prediction of the TES is fundamental for an efficient TES reduction concept. With  the use of 

hydro-acoustic materials, which are applied as a cover over the outer hull of the submarine, two TES 

reduction concepts were presented. The first concept is a classical coating concept, where different 

surfaces are covered with absorptive and reflective material without changing the outer shape of the 

submarine. The second concept uses only a thin reflective material, however strongly changes the 

outer shape in accordance with the known stealth technique for reducing the radar cross section.     

Both concepts - the coating and the shaping concept - reduce significantly some very distinct 

monostatic TES peaks. However switching from the monostatic to the multi-static case scenario, the 

ability to reduce the overall TES levels - for any combination of transmitter/receiver positions - is only 

observed from the standpoint of the submarine form-shaping concept. 
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ABSTRACT 
Underwater acoustic transducer which undertakes the task of signal generation and reception is the core 
equipment for sonar detection. For understanding the mechanism of underwater acoustic transducers, we 
have reviewed recent typical transducers based on different working principles and different vibration modes, 
including electrodynamic hydroacoustic transducer, explosive hydroacoustic transducer and flextensional 
transducers. Our research is of great importance for obtaining underwater acoustic transducer with higher 
performance. 
Keywords: Underwater acoustic transducer, Electrodynamic hydroacoustic transducer, Explosive 
hydroacoustic transducer, Flextensional transducer 

1. INTRODUCTION 
As the core component of sonar detection equipment, underwater acoustic transducer that 

undertakes the signal generation and reception plays a decisive role in the realization of underwater 
acoustic detection. Therefore, it is also vividly described as the  "eyes and ears" in sonar system. In 
1914, the electric hydroacoustic transducer was designed and manufactured by Faison. The transducer 
operates at a frequency range of 500Hz to 1 kHz and the emitting waves can detect icebergs up to two 
kilometers away. In 1915, the submarine built by Canada was equipped with the hydroacoustic 
transducer designed by Faison. Since then, underwater acoustic transducer has become important 
underwater acoustic equipment. In 1918, French physicist Langevin produced a new underwater 
acoustic transducer by the piezoelectric material quartz, which started the era of modern hydroacoustic 
transducers(1). After a hundred years of development, functional materials, new structure, new 
mechanism have been applied in hydroacoustic transducers to improve their performance, and these 
new idea make the great effort for the development of modern sonar technology.  

Hydroacoustic transducer can produce underwater acoustic signal from Hz to MHZ, and their 
working principle includes electrodynamic type, explosive type, magnetostriction, piezoelectricity 
and so on, the vibration models include longitudinal vibration, lateral vibration, bending vibration and 
the combination of several vibration models. What is more, the function materials applied in 
hydroacoustic transducers include Terfenol-D giant magnetostrictive materials, PZT piezoelectric 
materials, PMN-PT single crystal materials, PVDF piezoelectric polymer and so on. Therefore, so 
many typical transducers are manufactured, such as flexural transducer, cylindrical radiant transducer, 
longitudinal transducer, cymbal transducer and Janus-Helmholtz transducer(2). 

In this research, we have listed several typical hydroacoustic transducers, the investigation may 
give an insight into designing the underwater acoustic transducer with high performance.. 

2. Hydroacoustic transducer 

2.1 Electrodynamic hydroacoustic transducer 
The representative electrodynamic low frequency transducers are the G-series and J-series 

manufactured by U. S. underwater defense center, including G34, J9, J11, J15 and J15-3. As shown in 
Figure 1, the electrodynamic low frequency transducer J9 has a working frequency range from 40 Hz 
to 20 kHz, the vibrating diaphragm of radiant head is made of magnesium alloy and rubber suspension 
system. Thus, its maximum underwater working depth can be 26m and the maximum sound  source 
level can reach 155dB(3). 
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Figure 1-Electrodynamic low frequency transducer J9 

Figure 2 shows the electrodynamic high-power low-frequency transducer UW600 with working 
frequency range from 4 Hz to 1 kHz, working depth from 2 m to 200 m, and its maximum sound source 
level can reach 188 dB. Figure 3 shows beam transducer produced by Alliant Techsystems. The central 
frequency is 75Hz and its maximum sound source level can arrive at 197dB. In addition, there is a 
special pressure compensation device in the sound source, which induce the transducer to work in 
700-1000m deep water(4). 

 
Figure 2-Electrodynamic high-power low-frequency transducer UW600 

 
Figure 3-Beam transducer produced by Alliant Techsystems 

2.2 Explosive hydroacoustic transducer 
The widely used explosive low-frequency hydroacoustic transducers are air gun and plasma sound 

source. Air gun can emit the high-pressure compressed air into the water through the pulse mode. 
Moreover, the high-speed gas induces the surrounding medium to generate low-frequency vibration, 
which produces the low-frequency sound wave. Simple structure, small size, high emission power and 
80% of the power concentrated in the low frequency band make the air gun be popular (5).  

Nowadays, the popular air gun is the Par series air guns produced by American company Bo lt, as 
shown in figure 4. Its working frequency range is 100 Hz to 1.2 kHz, and it was widely used in the 
ground acoustic inversion test by the U. S. military in 2003. The American company Hydroacoustics 
has developed HLF low-frequency air gun with a working frequency range from 10 Hz to 300 Hz, and 
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its sound source level can be 190 dB to 215 dB. Moreover, HLF needs no pressure compensation 
device while working in water depth above 300 meters. Since 1975, about 120 sets have been delivered 
to the U.S. navy and other users(6). 

 
       (a) Par series air gun                 (b) Air gun array 

Figure 4-Air guns and array 

The acoustic emission mechanism of the plasma low-frequency sound source is the hydroelectric 
effect, that is, the energy stored in the high-energy storage capacitors is discharged in water to form a 
huge pulse current instantaneous. The electric energy is directly changed into the explosion energy, 
which form a supersonic shock wave to propagate outward, and then attenuated into the sound pulse . 
The sound source level can reach above 260 dB. Because of high electro-acoustic conversion 
efficiency, a highly directional beam can be formed by acoustic lens focusing technology. 
Representative plasma sound source is multi-electrode goe-spark series produced by Geo Marine 
Survey Systems, as shown in figure 5. A single electrode of the sound source can release energy from 
3J to 13J, and different number of electrodes can be combined to satisfy the requirement of high-power 
emission(7). 

 
Figure 5-Multi-electrode plasma sound source goe-spark series 

In addition, the laser sound source is also be studied by many researchers. The mechanism of laser 
sound source includes thermal expansion, electrostriction, explosion, surface gasification and optical 
breakdown. The sound source level induced by laser sound source can reach more than 220dB, and the 
frequency band can cover several Hertz to several hundred kilohertz . Therefore, it has great 
development potential in underwater target positioning, communication and detection. 

2.3 Flextensional transducers 
Flextensional transducers can be divided into many types, and the most widely used type is IV 

flextensional transducer. The flexural vibration of the longitudinal oscillator can let the elliptical shell 
emit low-frequency high-power sound, which induce IV flextensional transducer be the low-frequency 
active sonar. As shown in figure 6, 18 sets of high-power IV flextensional transducers form the vertical 
transmitting active sonar, named SURTASS-LFA. Its working frequency band range from 100 Hz to 
500 Hz and the sound source level can reach 220-235 dB. The single transducer is driven by two 
S11-48 power amplifiers with an output voltage of 1600 V, which produces a maximum sound source 
level of 215 dB(8). 

1945



 

 

 
Figure 6-Towed low-frequency active sonar (SURTASS-LFA) 

Figure 7 shows the ITT's 6969-3500 flextensional transducer with glass-fiber elliptical shell. Its 
resonant frequency is 3.2 kHz, available bandwidth can be 2.8 kHz to 10 kHz (nearly two octaves), the 
maximum sound source level is 200dB and the maximum depth is 230m(9). 

 
Figure 7-6969-3500 flextensional transducer with glass-fiber elliptical shell 

As shown in figure 8, Moosad from India designed a new IV flextensional transducer with 
resonance frequency of 3 kHz in 2010. The parabolic reflector is equipped in front of the elliptical 
shell, which leads to 1.7 dB to 8 dB higher in the range of 2.5 kHz to 4 kHz along the sound axis. Thus, 
the new structure has realized the directional emission(10). 

 
Figure 8-Flextensional transducer with parabolic reflector 

In 2009, Richard from Canada designed a new concave cylindrical flextensional transducer. As 
shown in Figure 9, setting several transducers in a finite volume can maximize the volume 
displacement and realize high-power characteristics. The vertex clusters of six concave cylindrical 
flextensional transducers are connected to form a "three-dimensional six-pointed star" type transducer, 
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which possesses compact structure, low frequency, high power, wide frequency band and so on. Firstly, 
when the fundamental resonance frequency is 1.15 kHz, its fully directional transmission voltage 
response is 127 dB. Secondly, the transmission voltage response is greater than 120dB in the frequency 
range from 800 Hz to 10 kHz(11). Lastly, when the frequency is higher than 4.75 kHz, the directivity 
fluctuation is obvious (about 6dB). 

 
Figure 9-"three-dimensional six-pointed star" transducer 

3. Conclusions 
In summary, our research lists the latest hydroacoustic transducers in the following three parts: 

Electrodynamic hydroacoustic transducer, explosive hydro- acoustic transducer and flextensional 
transducers. We present their working principle and performance in detail and we hope that our 
investigation should be the great effort for designing high-performance underwater acoustic 
transducer. 
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ABSTRACT 

As the most widely used underwater acoustic transducer, class IV flextensional transducer can get larger 

amplitude flexural vibration from longitudinal vibration of driven stack by the displacement amplification 

effect, thereby radiating more energy. In order to further quantitatively understand the displacement 

amplification characteristics of elliptical tube shell, this paper proposed to calculate the displacement 

magnification using the ellipse perimeter approximation formula, and the variation law of the displacement 

amplification with the compression coefficient and the deformation rate was obtained, which was analysed 

and compared with the results by the method of finite element analysis. The empirical formula for calculating 

the finite element results by the results of the perimeter approximation formula was got by fitting curves. 

When the compression coefficient is 0.24~0.80, the error of the calculation results was not more than 6.11%. 

The research of this paper has certain reference significance for the estimation of the radiation performance 

of low frequency transducers. 

 

Keywords: Displacement magnification, Class IV flextensional shell, Elliptic perimeter approximation 

formula 

1. INTRODUCTION 

Underwater acoustic transducers which plays an important role on sound information translation 

are widely used in ocean monitoring, underwater communication, marine resources development and 

so on(1). As a member of underwater acoustic transducers, class IV flextensional transducer can get 

larger amplitude flexural vibration from longitudinal vibration of driven stack by the displacement 

amplification effect, thereby radiating more energy. Due to advantages such as low frequency, high 

power and small size, class IV flextensional transducer has always been a research hotspot, so that is 

the most widely studied and analyzed. 

The research of class IV flextensional transducers is mainly reflected in the two aspects of 

materials and structures. The materials are mainly driven materials research, supplemented by shell 

materials research. The traditional driven material is piezoelectric ceramics. In recent years, rare earth 

giant magnetostrictive materials(Terfenol-D) have been applied to a large extent, and some newly 

developed materials such as antiferroelectric ceramics and single crystal materials are also applied in 

class IV flextensional transducers. Transducer structure is rich in research. In recent years, transducers 

with low frequency, wideband and high power have been the main research directions. Fish -lip 

flextensional transducer invented by Mo Xiping have adopted a variable-height elliptical shell, which 

makes the shell have both a double-amplification effect (2).The frequency can be effectively widened 

by slitting the radiating surface of the shell. The Institute of Acoustics of the Chinese Academy of 

Sciences and the Harbin Engineering University have in-depth research (3-5). 

In order to maximize the radiated sound power while ensuring the broadband performance of the 

transducer, Lan Yu and Mo Xiping have developed a double-shell flextensional transducer (6), which 

maximizes the volume displacement output of the transducer to achieve low frequency and high power 

acoustic radiation. In 2011, Indian scholars (7) proposed a flextensional transducer with a parabolic 

reflector with a gain of 1.7-8dB. Multi-mode coupling through the shell is also an effective means of 
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expanding the frequency band and many scholars have done a lot of work (8, 9).In 2017, Wang Yue 

studied waterdrop type flextensional transducer based on antiferroelectric ceramics, which effectively 

expanded the bandwidth by first asymmetric bending mode and first bending mode coupling(10). Zhou 

Tianfang(11) proposed a transducer structure that is conformally driven with shell, which can 

effectively avoid the change of vibration mode caused by the traditional longitudinal drive crystal 

stack, and can obtain a lower frequency. 

In terms of driving materials, the erbium-doped antiferroelectric ceramics(PLZST) of the Xi'an 

Jiaotong University was first applied in class IV flextensional transducer(12).Li Kuan et al. studied a 

Class IV rare-earth flextensional transducer(13). 

Although research on class IV flextensional transducer is so adequate there are few stu dies on the 

displacement amplification characteristics. In the literatures(14,15) only the displacement 

amplification schematic diagram is given, and the displacement amplification effect is briefly 

described. However, there are few quantitative studies on the displacement amplification 

characteristics of the flextensional shell, especially the displacement magnification. Therefore, for 

the need of for class IV flextensional transducer in air, this paper proposed a method to estimate the 

displacement magnification using the approximate perimeter formula, and the variation law of the 

displacement magnification with the compression coefficient and deformation rate was obtained, 

which was analyzed and compared with FEA results. The work of this paper has certain reference 

significance for the estimation of radiation performance of low frequency transducers.  

2. THEORETICAL CALCULATION 

2.1 Derivation of Displacement Magnification 

The shell of class IV flextensional transducer is an elliptic cylindrical shell, which is simplified to 

a neutral plane ellipse with long-axis 2a, short-axis 2b (a>b) , focal length 2c (
2 2c a b  ) and 

eccentricity e (e=c/a<1) for convenience. When the load (force or displacement) of stack acts on the 

ellipse, the long-axis deformation is Δa, and the short-axis deformation is Δb (Figure 1). 

 

Figure 1 –Schematic diagram of neutral plane ellipse deformation 

Two assumptions are made before and after ellipse deformation:(1) After deformation, especially 

when the deformation is relatively small, the structure is still approximate ellipse.(2) Before and 

after deformation, the deformation of elliptic perimeter is much smaller than that of long - and 

short-axis, and the elliptic perimeter is approximately unchanged. So the following derivation is 

made. Elliptic perimeter approximation formula is 

 π 1.5L a b ab   
 

 (1) 

Thus, elliptic perimeter of before deformation is equal to that of after deformation as following 

function. 

      1.5 1.5a b ab a a b b a a b b              (2) 

Let Δb/Δa=α, defined as displacement magnification, and is substituted into above formula to get 

the quadratic equation for α. 

2 3 3
2.25 3.5 2.25 0

a ab ab b

a a
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It can be seen that displacement magnification α is related to half-long-axis a, half-short-axis b 

and long-axis deformation Δa. Let b/a=B, defined as compression coefficient in mathematics. Let 

Δa/a=A, defined as deformation rate. So the displacement magnification expression can be 

simplified to(considering the actual situation, the symbol “±” should be taken as “-”) 

2
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where A and B meet the following inequality group 
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 (6) 

2.2 Law of Change 

Based on the above formula (5), a group of curves (Figure 2 and Figure 3) showing the relationship 

between displacement magnification and compression coefficient b/a and deformation rate Δa/a is 

obtained. In Figure 2, as the compression coefficient increasing the displacement magnification 

decreases and the decrease rate gradually decreases. When compression coefficient is same, the larger 

deformation rate, the larger the displacement magnification. And the difference of curves decreases 

with the increase of compression coefficient. The minimum compression coefficient that can be solved 

by perimeter approximation formula is related to the deformation rate. The larger  the deformation rate, 

the larger the minimum compression coefficient. Figure 3 gives a series of similar results, but the trend 

of curves is opposite. It can be known that if the perimeter approximation formula is solved, 

compression coefficient should not be too small and deformation rate should not be too large. 

Compression coefficient has a greater influence on the displacement magnification than deformation 

rate. 

 

Figure 2 – Displacement magnification versus compression coefficient with different deformation rates 
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Figure 3 –Displacement magnification versus deformation rate with different compression coefficients 

3. FINITE ELEMENT ANALYSIS 

3.1 Modeling 

The structural parameters of the class IV flextensional shell mainly include long-axis(2a), 

short-axis(2b), wall-thickness(t) and width(B). Combined with the analysis above, the displacement 

magnification is mainly related to the long-axis and the short-axis. Therefore, the long-axis and the 

short-axis are mainly changed, and the wall-thickness and width are only selected a value 

appropriately. 

The FEA modeling firstly establishes the calculation model according to the parameters, then 

divides the grid according to the calculation requirements, sets the model load, and finally calculates 

the structural deformation nephogram. Further, the displacement value can be extracted to obtain the 

displacement magnification. 

 

Figure 4 –FEA modeling 

3.2 Law of Change 

On the basis of theoretical calculation, a set of shells with different structural parameters are 

correspondingly designed for FEA. Figure 5 shows the displacement magnification versus 

compression coefficient comparing between theoretical calculation and FEA. Note that power 

exponent lines fit these data quite well, FEA results are higher at all compression coefficients. The 

difference decreases as compression coefficient increasing, when the value tends to 1, namely ellipse 

tends to circle, the difference tends to be zero. When the compression coefficient reaches 0.122, there 

is no solution by using the perimeter approximation formula, but the FEA results are still consistent 

with the overall law. 
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Figure 5 –Perimeter approximation formula and FEA results of displacement magnification versus 

compression coefficient with deformation rate is 0.0976%, 0.488% and 1.0%(which are written as % 

conveniently). Perimeter approximation formula is replaced by “Peri-appr-f” in the figure. 

In figure 6, the curve with a compression coefficient of 0.3 is basically larger than the curve with 

a compression coefficient of 0.4. FEA results are generally larger than the perimeter approximation 

formula results with different trends. Especially, the curve with a compression coefficient of 0.3, the 

results of the perimeter approximation formula increases faster with the increase of deformation rate 

until no solution. However, the curve of FEA increases with the deformation rate, of which the rate is 

gradually slowed, and then the displacement magnification reaches the maximum and then begins to 

fall. The curve maximum point with a compression coefficient of 0.3 is smaller than the curve with a 

compression coefficient of 0.4. 

 

Figure 6 –Perimeter approximation formula and FEA results of displacement magnification versus 

deformation rate with compression coefficient is 0.3, 0.4 and 0.6. Perimeter approximation formula is 

replaced by “Peri-appr-f” in the figure. 

In summary, the results indicates that the compression coefficient has a relatively great influence 

on the displacement magnification. With the chosen range of compression coefficient and 
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deformation rate, the maximum variation of the perimeter approximation formula results with the 

deformation rate is 48.4%, and the FEA results is up to 33.8%. However, the corresponding 

maximum variation with the compression coefficient is 392.9% and 587.1%.  

4. COMPARATIVE ANALYSIS 

4.1 Difference Analysis between Perimeter Approximation Formula and FEA 

The displacement nephogram of FEA showing in figure 7 compares the change of the elliptical shell 

on which a force loaded. For convenience of analysis, draw the long- and short-axes before and after 

the deformation and the corresponding ellipse. 

It can be seen that when the deformation displacement is large enough (for example Δa=5mm), the 

neutral surface of the structure is obviously no longer elliptical, the deformation in the long -axis 

direction is Δa, and the displacement in the short-axis direction is Δb. If the ellipse is still considered 

after the deformation, as shown by the black dot-dash line, the perimeter will inevitably decrease. If 

the perimeter is to be kept constant, the deformed ellipse should be as shown by the pink  dash line 

ellipse. The displacement deformation in the short-axis direction is Δb’ which is smaller than Δb, so 

the displacement magnification obtained by theoretical calculation is smaller than the displacement 

magnification calculated by FEA, and the larger the displacement deformation in the long-axis 

direction, the larger the difference between the deformed structure and the ellipse, which will lead to 

the larger the difference of displacement magnification between theoretical calculation and FEA. This 

is the same conclusion as the previous analysis. 

 

Figure 7 –Schematic diagram of before and after deformation with corresponding ellipses 

 

4.2 FEA Curve of Deformation Rate Analysis 

For the phenomenon in FEA that the displacement magnification reaches the maximum value and 

then falls is further analyzed. It can be seen from the lateral deformation nephogram of the shell that 

before the displacement magnification reaching the maximum value, the curvature direction of the 

short-axis end point remains unchanged after deformation (Namely the structure at the end of the 

short-axis is convex), but the curvature direction becomes changed (That is, the structure at the end of 

the short-axis becomes inwardly concave), which conforms to the actual deformation characteristics, 

and the structural stress also reaches the strength limit of the material. By analyzing the structures with 

compression coefficients of 0.3 and 0.4, the relative deformation rate of the short-axis direction when 

the displacement magnification reaches the maximum value is 39%-45%. 

4.3 Fitting Curve Analysis 

In the calculations above, in order to observe the overall trend and law of variation the range of 

chosen compression coefficient and deformation rate is large, and the difference between perimeter 

approximation formula results and FEA results is large, especially law of change with deformation 

rate. Considering the actual situation, the compression coefficient and deformation rate should be 

limited as follow: 

(1) Strain of driven materials. The strain of driven materials such as piezoelectric ceramics, 

∆a

∆b∆b’

No deformation Actual deformation

Ellipse with same a and b

Ellipse with same perimeter (L)
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rare-earth materials and antiferroelectric materials directly determines the deformation rate of shell 

in the long-axis direction. The strain of this kind of material is generally a few thousandths (the 

maximum strain of Terfenol-D is 1.5‰(1)), and the maximum strain of relaxor ferroelectric single 

crystal is up to 1.7%, so the maximum deformation rate is recommended as 2% (0.02). 

(2) Using the approximation formula for calculation, the difference will increase when there is no 

solution. At the same time, the compression coefficient will be generally less than 0.2 with which the 

shell is extremely narrow this structure and is rarely used. Therefore, the recommended compression 

coefficient is chosen to be a minimum of 0.2. 

Based on two points above, fitting curves of displacement magnification versus compression 

coefficient gets the relation of displacement magnification between perimeter approximation formula 

and FEA: 
0.355

FEA peri-appr-f1.053
b

a
 



 
  

 
 (7) 

A set of flextensional shells are designed, first estimated by empirical formula (7), and then 

calculated by FEA to verify the accuracy of the estimation. Table 1 lists the calculation results, 

which shows that the empirical formula can be used to calculate the FEA results from the results of 

the perimeter approximation formula, and the calculation error is not more than 6.11% when the 

compression coefficient is 0.24~0.80. 

Table 1 –Results of estimation by empirical formula 

NO. b/a a/mm b/mm Δa/a Δa/mm 
Perimeter 

Appro-f 

Estimation 

of FEA 
FEA Error 

1 0.20 100 20 0.01 1 4.090 7.626 5.500 38.65% 

2 0.22 100 22 0.01 1 3.285 5.921 5.089 16.35% 

3 0.24 100 24 0.01 1 2.841 4.965 4.679 6.11% 

4 0.25 100 25 0.01 1 2.681 4.618 4.486 2.94% 

5 0.60 100 60 0.02 2 1.326 1.674 1.709 2.05% 

6 0.80 100 80 0.02 2 1.133 1.290 1.226 5.22% 

 

5. PRELIMINARY CONCLUSIONS 

According to the calculation of the perimeter approximation formula and FEA results, the influence 

of the compression coefficient on the displacement magnification is greater than the deformation rate. 

FEA results are larger than the results of perimeter approximation formula.  

With the increase of compression coefficient the displacement magnification decreases as power 

exponential. The same compression coefficient, the larger the deformation rate, the larger the 

displacement magnification, but the difference is not obvious. With the increase of compression 

coefficient, the difference between the FEA results and perimeter approximation formula results 

decreases. 

Law of change with deformation rate, the difference between the FEA results and perimeter 

approximation formula results is large, especially with smaller compression  coefficient. Firstly the 

displacement magnification increases with the deformation rate, the growth rate is gradually slowed, 

and then began to fall after reaching the maximum value. The curve maximum point with a 

compression coefficient of 0.3 is smaller than the curve with a compression coefficient of 0.4. 

When the compression coefficient is 0.24~0.80 and the deformation rate is less than 2%, the 

empirical formula can be used to calculate the FEA results from the results of the perimeter 

approximation formula, and the calculation error is not more than 6.11%. 
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ABSTRACT
Subject to the lack of detailed environmental information, the classical matched-field processing (MFP) may 
not be adapted to the accurate localization of underwater acoustic sources. In this paper, a framework that 
applies deep learning techniques instead of the MFP method is presented for the localization
(direction-finding) of ship acoustic sources in a shallow water environment. The original data is recorded 
from a 128-element vertical array placed in a shallow water. The acquired array data is first processed by the 
time-domain conventional beamformer (CBF) in order to obtain the beamformed waveform signals 
corresponding to each direction-of-arrival (DOA) with a resolution of 1 degree. In the meantime, the GPS 
and recognized DOA information in the diagram of the target ships are employed to generate the labels for 
these beamformed signals. Base on the labeled data, a framework is proposed to predict the DOA information
of target ships in a deep learning (DL) manner using the pre-trained state-of-the-art convolutional neural 
networks. Driven directly by the array signal data, the proposed method offers a way for the ship localization 
to overcome the environmental mismatch problem, which is believed to be better than that of conventional 
MFP method and some other shallow machine learning methods.

Keywords: Ship Localization, Deep Learning, Array Signal Processing

1. INTRODUCTION
Passive sonar acoustic signal processing methods are an established technique to remote detect, 

localize and monitor marine vessels and their activities. Though a series of related methods have been 
developed during the past several decades, poor performance on sound-source localization still 
persists in a complex marine environment, especially when multi-sources exist in the scenario and the 
signal-to-noise-ratio (SNR) is low. In practical applications, the acoustic characteristics of a shallow 
water environment are varying in both space and time with high levels of background noise, 
interferences and multipath effects. The performance of the conventional methods like TDOA 
estimation (1), cepstral analysis (2) and autocorrelation analysis (3) in these scenarios significantly 
degrades and cannot effectively detect or localize targets.

Apart from these classical methods, recently data-driven machine learning or deep learning 
methods become more and more popular for the acoustic source localization, such as range and depth 
discrimination simulation (4) and seafloor classification (5). The machine learning method is shown 
to perform significantly better than the conventional matched field processing in ship range 
estimation in the Santa Barbara Channel Experiment with limited environmental information (6).
After achieving state-of-the-art results for image recognition (7), convolutional neural networks 
(CNNs) become very popular as an automated feature extractor and classifier (8, 9), which combines 
hierarchical feature extraction and classification at the same time. The CNNs are also applied for the 
joint detection and ranging of marine vessels (10), which is shown to be able to detect the presence 
and estimate the range of transiting vessels at greater distances than the conventional method.

In this paper, we aim to develop a scalable system based on the well-developed deep-learning
neural networks to predict the DOA information of ships in a shallow water environment using the 
multi-element hydrophone array data. The main contributions of our work can be summarized as: 1) In 
order to make full use of raw array signal data, an array data processing approach is proposed to 

* wang_dezhi@hotmail.com
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generate the labeled dataset, by which the deep learning method can be implemented. 2) It is explored
to integrate the well-developed CNN architectures such as ResNext (11) into the framework for more
effective feature extraction and prediction. 3) The pre-trained weights of CNN model on a large 
open-source dataset are employed to enhance the system performance by a transfer learning and 
fine-tuning strategy. The performance of proposed system is finally validated by using the real data 
acquired in a shallow water experiment.

The rest of this paper is organized as follows. Section 2 presents details of the proposed system in 
the study. In Section 3, the dataset and experimental setup are first respectively introduced. 
Experimental results are then reported and discussed. Finally, Section 4 concludes the paper. 

2. METHODOLOGY

2.1 Array Data Processing
The training of deep learning neural networks requires a large number of sample data to reach a 

convergence. Thus, it is important to first process and convert the raw hydrophone array data into a 
usable labeled dataset before applying the deep learning techniques. As shown in Figure 1, the 
processing steps can be listed as follows:

1) Time-domain conventional beamforming. The recorded multi-channel array data is
beamformed in the time domain by means of the CBF approach to obtain the waveform signals 
at each DOA direction with a resolution of 1 degree.

2) Acquisition of GPS and DOA information of target ships. The ship GPS data can be read to 
provide ground-truth direction-finding information while the DOA information can also be
manually recognized in the DOA diagram based on CBF.

3) Audio tagging. On the basis of the GPS and DOA information, the beamformed array signals 
can be labeled to generate a complete dataset for deep learning applications.

Figure 1 – The diagram of processing array data

2.2 Localization Based on Pre trained Neural Networks
Based on the generated dataset, a deep neural network architecture is employed to predict the 

DOAs of target ships. Apart from directly using the raw waveforms as input, the most common 
choice in audio signal processing is the 2D time-frequency representation, for example, log mel-filter 
bank features (log-mel), which is achieved based on short-time Fourier transform and usually scaled 
by a log-like frequency. The log-mel features are considered to be the best time-frequency feature 
representations for audio signals to be used for deep-learning methods (12, 13), In this study, log-mel
features are first obtained from the waveform data and then applied as the input data fed into the neural 
networks.

As shown in Figure 2, the log-mel features (by 128 filters) and the corresponding delta and 
delta-delta features are calculated at the same time in order to produce a 3-channel image-type input 
for deep neural networks. A random selection strategy is also used to stochastically capture a 
fixed-length segment in time axis from the 3-channel feature maps to generate the equal-length inputs. 

The prediction task is implemented by using a state-of-the-art CNN architecture i.e. ResNext101 
(14). Due to the fact that low-level semantic features are constant for different tasks like image 
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recognition and audio tagging, it is more efficient to employ the deep CNN models with pre-trained 
weights on a large-scale image dataset (e.g. ‘ImageNet’ (7)) to do the audio tagging in a transfer 
learning manner (15, 16). Fine-tuning the pre-trained weights of CNN model on the generated array 
signal dataset will generally allow for a faster training and smaller prediction errors (16).

The ResNext architecture is an extension of the deep residual network where the standard residual 
block is replaced by a ‘split-transform-merge’ one (14). As shown in Figure 2, the prediction result is 
finally achieved after a modified fully-connected layer (FC) and a Softmax layer.

Figure 2 – Illustration of the proposed architecture

3. EXPERIMENT

3.1 Data of the Shallow Water Experiment
The experimental data used in this study comes from a shore hydrophone array test in a shallow sea 

area. The array is a line fiber-optic hydrophone array having a total of 128 array elements with an array 
element spacing of 6.25 m and a sampling frequency of 20 kHz. The experiment depth is about 95 m.
There are several ships transiting in the area and the GPS information of some ships are also recorded. 
A subset of the array recording data is selected to be used in this study. 

Figure 3 – The GPS route of Ship1
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Figure 4 – Evolution of DOA based on the CBF

As shown in Figure 3, a ship target travels from a 3.69 km distance to a 6.39 km distance from the 
array according to the GPS data during this period. Base on the DOA diagram shown in Figure 4, the 
routes of 5 ship targets are recognized manually, which provide the ground-truth label information for 
the beamformed data. According to the aforementioned data processing steps, the raw array data are 
transformed into a labeled dataset. As shown in Table 1, the distribution of the beamformed array data 
with different labels is illustrated where each wav file has a same time length of about 1.63 s. 

The labeled dataset is divided into the development and evaluation datasets where the development 
and evaluation datasets respectively consist of 50% (the first half and the other half) of the total 
number of samples. A 4-fold cross-validation setup is used on the development dataset. The averaged
prediction accuracy across the four folds on the evaluation dataset is reported for performance analysis.
The accuracy metric used is defined as the number of correctly predicted audio recordings divided by 
the total number of recordings.

Table 1 – List of recordings of beamformed array signals

Label

Number of development

samples (5-fold cross 

validation)

Number of 

evaluation 

samples

Total number 

of samples

Sampling 

rate

Ship1 1123 1123 2246 20k Hz

Ship2 1198 1197 2395 20k Hz

Ship3 2805 2805 5610 20k Hz

Ship4 1173 1172 2345 20k Hz

Ship5 588 588 1176 20k Hz

Ship4 Ship5 25 25 50 20k Hz

Ship1 Ship5 152 152 304 20k Hz

Ship2 Ship4 78 77 155 20k Hz

None 38505 38505 77010 20k Hz
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3.2 Experimental Setup
The production of the log-mel, delta and delta-delta feature maps are obtained by Librosa toolbox 

in Python and stored in the hard disk in forms of pickle files. As shown in Figure 5, an example of the 
3-channel input feature maps for ResNext model is presented. The training process is carried out based 
on a 4-fold cross-validation setup on the development dataset and the performance is then tested on the 
evaluation dataset. Since the class imbalance problem is really significant for the dataset, a simple data 
balancing technique is developed just in terms of ensuring at least one sample to be selected for each 
class in a training batch.

Different configurations of the proposed architecture and related parameters are tested in this work
according to the heuristic experience. The adaptive moment estimation (ADAM) algorithm is 
employed to optimize the cross-entropy loss objective function. The learning rate is set as multi-steps, 
where 0.001 is set for the first 50 epochs and multiplied by 0.1 for every next 20 epochs. A batch size 
of 32 is applied based on the hardware capacity. The models are implemented by PyTorch using GPU 
acceleration on a hardware resource consisting of Xeon E5 2683V3 CPU and 2 GTX 1080Ti GPU 
cards driven by CUDA with cuDNN (17).

Figure 5 – An example of the 3-channel input (logmel) for DL model, the 3 channels are respectively logmel, 

delta feature of logmel and delta-delta feature of logmel

3.3 Results and Discussion
As shown in Table 2, after completing the model training process, class-wise validation accuracies 

are averaged over all the four cross-validation folds. The class-wise evaluation accuracies are also 
obtained on the evaluation dataset. It is shown that the evaluation accuracies are a little lower than the 
counterpart validation accuracies, which indicates the generalization capability of the proposed 
method is relatively good. It is worth noting that the training dataset has a significant class imbalance 
problem, where the number of samples in the largest class is about 100 times of the number of the 
smallest class. Since a class balancing technique has been utilized in the training, the model produces
relatively small difference on the accuracy for different classes.

Table 2 – Results of the class-wise accuracies

Class Validation Evaluation

Ship1 95.3% 87.2%

Ship2 96.7% 87.7%

Ship3 97.5% 92.0%

Ship4 86.1% 72.5%

Ship5 79.0% 70.0%

Ship4 Ship5 68.0% 56.0%

Ship1 Ship5 78.9% 75.6%

Ship2 Ship4 70.5% 64.9%

None 92.9% 91.8%

Averaged 85.0% 77.5%
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Due to the fact that the target ships actually travel far away from the array in the test, the SNR of the 
samples in the evaluation dataset are generally lower than that in the training dataset. Thus the 
averaged accuracies of the proposed system can still be considered as good. In the future study, the 
improvements can be carried out to more efficiently solve the class imbalance problem and further 
increase the model generalization capability. Moreover, the achievement of ground-truth DOA labels 
can be refined to eliminate the possible errors coming from array configuration and other factors.

4. CONCLUSION
Despite deep learning techniques have shown to be very effective than other methods in a variety of 

research fields, they still have not been widely explored in the domain of underwater passive ship 
localization. In this work, we have investigated the use of a scalable deep learning system integrated 
with the well-developed CNN architectures to predict the DOA information of target ships. A list of the 
array data processing steps is proposed to make the full use of the large-scale array recordings for 
training deep neural networks. The developed system shows a great potential on the problem solution 
of the ship acoustic localization in a complex marine environment. In future work, the proposed 
system will be carefully improved and widely tested based on different underwater acoustic scenarios. 
In addition, some efforts will be made to give an analysis of the physical meanings of what have been 
learned and extracted by the deep learning neural networks in order to obtain an appropriate 
interpretation.
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Abstract
Acoustic metamaterials (AMMs) consist of periodic arrangements of single meta-atoms (e.g. Brillouin zones).
The AMMs can manipulate the acoustic wave propagation in ways that are not found in nature or conventional
materials. Furthermore, AMMs can have unnatural material properties such as a negative effective mass or band
gaps. One type of meta-atom is based on the principle of a Helmholtz resonator that is embedded in a fluid
matrix. A periodic arrangement of such meta-atoms in the two dimensional space combines the effects of a res-
onator and those of phononic crystals. The effectiveness of that kind of AMM depends on the eigenfrequencies
of the resonators and the relative position of one meta-atom to one another. Since the production of AMMs
is linked to manufacturing tolerances the perfect periodicity is not fulfilled and can affect the properties of the
AMM. This work deals with the uncertainties of the meta-atoms concerning the geometry of the embedded
resonator. The uncertain geometry parameters are approximated by spectral expansions combined with the non-
intrusive collocation method. Further, the transfer function and the insertion loss with respect to the uncertain
parameters are analyzed. Finally, the results of the spectral approach are compared to those of the Monte Carlo
method.
Keywords: Acoustic metamaterials, Uncertainty quantification, Infinite element method, Spectral expan-
sions

1 INTRODUCTION
The demand for acoustic noise barriers has increased over the last years due to multiple environmental regula-
tions like the reduction of the drive by noise of cars or the need of suppressing the propagation of disturbing
noise frequencies in airplanes. Sonic crystals and their corresponding acoustic Bragg type band gaps have en-
countered a lot of attention when it comes to the design of noise barriers [1],[2],[3]. Since the band gaps of
sonic crystals are strongly dependent on the lattice constant of the periodic arrangement [4] they can be ex-
tended by resonant elements [4],[5]. Hence, the structure of resonant elements does not only feature the Bragg
type band gaps, but also additional ones, that can be assigned to the resonant frequencies of the resonators.
Several solution techniques exist for the evaluation of the resonant frequencies. One is based on the assump-
tion, that the structure consists of infinite arrays of cylinders or resonators [5]. Accordingly, the whole problem
is transferred onto a reciprocal lattice and a unit cell is defined. Based on the unit cell the Floquet-Bloch
theorem can be applied, that results in periodic boundary conditions depending on the wave vector in the k-
space, that is defined in the first Brillouin zone. The evaluation of eigenfrequencies using the Floquet-Bloch
theorem yields the so called dispersion curves that can visualize the band gaps in the k-space. This technique
neglects the finite dimensions of the array in a real application and also the effects occurring at the outer edges
of the structure. Another solution technique implicates that the examined array of cylinders or resonators is
much smaller than their surroundings. Therefore, the problem is denoted an unbounded or exterior Helmholtz
problem. The encircling fluid domain is assumed to be of infinite extension and the non-reflective Sommerfeld
radiation condition [6] is applied to the outer boundary. The unboundedness of the problem leads to difficulties
in numerical solution techniques. To overcome these difficulties, the infinite element method [7] is applied in
combination with the finite element method. This combined method provides the mass, damping and stiffness
matrices to compute the quadratic eigenvalue problem. The identification of the resonant modes, also cavity or
trapped modes, is done by the quality factor of the complex eigenvalues. Another aspects considered in this
paper are manufacturing tolerances, that result in a derivation of the real geometry compared to the computer
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model. The manufacturing tolerances are represented by independent random variables. That is why the infi-
nite element method is extended by spectral expansions. The random input data lead to somehow distributed
eigenvalues / resonant frequencies. Since the distribution of the resonant frequencies is dependent on the ran-
dom input data, the probability density function defines the possible frequency range. In this paper just two
dimensional problems and single c-shaped resonators, also called meta-atoms, are examined. The procedure is
similarly applicable for periodic arrangements of the meta-atoms, furthermore for three dimensional problems.

2 MATHEMATICAL AND GEOMETRICAL MODELS
2.1 Infinite element method
The effects described by linear acoustics in a fluid domain Ω f are covered by the elliptic Helmholtz-equation
(1) in the frequency domain. In case of a time-harmonic excitation, the steady solution is formulated as p̃(xxx, t)=
ℜ{p(xxx)e−iωt}, with p̃(xxx, t) being the sound pressure. The time-harmonic sound pressure p is denoted p = p for
convenience.

∆p(xxx)+ k2 p(xxx) = 0 , xxx ∈Ω f ⊂ Rd (1)

The wavenumber is denoted k = ω

c and the circuar frequency ω = 2π f .
For interior Helmholtz problems, the finite element discretization of equation (1) applying the Bubnov-Galerkin
method and the Robin boundary condition leads to the following system of equations in matrix form [8]

(KKK− ikCCC− k2MMM)ppp = fff (2)

with frequency independent matrices. For exterior Helmholtz problems the fluid domain is theoretically of
infinite extension. To be able to solve the problem numerically the fluid domain is separated into a bounded
domain and a complementary domain Ω fc . This is exemplarily shown in figure 1.

Γ∞Γc

Ω f

Ω fc

Figure 1. Bounded fluid domain Ω f closed by Γc and unbounded fluid domain Ω fc with the boundary Γ∞ at
infinity.

In the complementary domain Ω fc the infinite element method (IFEM) is applied. This method also solves the
Helmholtz equation and furthermore fulfills the Sommerfeld radiation condition [6]. For the infinite elements,
the conjugated Astley-Leis formulation is chosen. This formulation is based on the Petrov-Galerkin method,
does not require a truncation of the domain due to the mapping of the infinite elements and leads to frequency
independent matrices [7]. The choice of the weight and test functions being complex conjugates results in a
more accurate resolution of the complementary domain compared to the unconjugated formulation [9],[10],[11].
The coupled FE-IFE system of equation reads as:

(KKK f fc − ikCCC f fc − k2MMM f fc)ppp = fff . (3)
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Where KKK f fc =

[
KKK f KKK f fc

KKK fc f KKK fc

]
, CCC f fc =

[
CCC f CCC f fc

CCC fc f CCC fc

]
, MMM f fc =

[
MMM f MMM f fc

MMM fc f MMM fc

]
.

The matrices with the indices f fc and fc f contain the entries, that result from the coupling nodes at the
boundary Γc between the bounded fluid domain and the complementary domain.

2.2 Uncertainty quantification
Most simulations use deterministic input data that correspond to a certain reference or mean value. In this paper
we assume the input data to be randomly distributed due to manufacturing tolerances. Hence, the input data is
parameterized ξξξ = {ξ1, . . . ,ξN} with ξi(θ) being vector quantities in the size of elements in the sample space
i = 1, . . . ,Ns.
One solution method to problems with random input data is the Monte-Carlo method. This method leads to an
exact solution but the problem has to be solved for any realization of the input data. Thus, the method requires
extensive computational power. Little realizations of the input data result in a more inaccurate approximation
of the mean value and of the variance of the solution. The mathematical convergence of the mean value of the
solution applying the Monte-Carlo method reads as ∼ 1√

M
, where M is the number of realizations [12].

Spectral methods on the other side are more efficient and advanced however more complex in the application.
Spectral expansions are based on Fourier-like expansions of a random process in L2, that are convergent with
respect to the norm associated with the corresponding inner product. The polynomial chaos expansion first
introduced by Wiener [13] is restricted to Hermite polynomials spanning the orthogonal base. The choice of
polynomials for the expansion is dependent on the type of distribution of the random input data [14]. A more
sophisticated model is the generalized polynomial chaos (gPC) [15], that is not limited to Hermite polynomials,
respectively to Gaussian distributed input data:

X(ξξξ ) =
∞

∑
i=0

xiΦi(ξξξ ). (4)

The gPC is accurate related to the mean value of the data. For numerical calculations the infinite series of
equation (4) has to be truncated. The truncated, finite series (6) is dependent on the number of random variables
N and on the highest order of the polynomials p.

P+1 =
(N + p)!

N!p!
(5)

X(ξξξ ) =
P

∑
i=0

xiΦi(ξξξ )+ ε(N, p) (6)

The system of equations with spectral expansions of the random input data can be solved using either intrusive
or non-intrusive methods. In this paper solely non-intrusive methods are examined, where the system of equa-
tions can be treated as black-box. One type of non-intrusive methods is the so called collocation method, that
requires the system of equations to be solved at merely certain particularly chosen collocation points. Those
collocation points are defined by the roots of the polynomial of the order p+1, are sorted referring to the re-
gion of the highest probability and the necessary amount of points determined [16]. The procedure is visualized
in equation (7). The deterministic spectral modes are denoted xi and the particular solutions of the system of
equations X∗(cpcpcpi) for the corresponding collocation points cpcpcpi.

Φ0(cpcpcp0) Φ1(cpcpcp0) · · · ΦP(cpcpcp0)
Φ0(cpcpcp1) Φ1(cpcpcp1) · · · ΦP(cpcpcp1)

...
...

. . .
...

Φ0(cpcpcpP∗) Φ1(cpcpcpP∗) · · · ΦP(cpcpcpP∗)




x0
x1
...

xP

=


X∗(cpcpcp0)
X∗(cpcpcp1)

...
X∗(cpcpcpP∗)

 (7)
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The extension of equation (3) to the dependence of the matrices on random variables leads to:{
KKK(·,ξξξ )− ikCCC(·,ξξξ )− k2MMM(·,ξξξ )

}
ppp(·,ξξξ ) = fff(·,ξξξ ). (8)

The application of spectral expansion to the system of equations (8) results in the spectral-stochastic infinite
element method (SSIFEM):{

KKKT
(·)ΦΦΦ(ξξξ )− ikCCCT

(·)ΦΦΦ(ξξξ )− k2MMMT
(·)ΦΦΦ(ξξξ )

}
pppT (·)ΦΦΦ(ξξξ ) = fffT

(·)ΦΦΦ(ξξξ ). (9)

2.3 Modal analysis and quality factor
The computation of normal modes can be done applying the finite element method and infinite element method
[17]. Regarding equation (3) this leads to a quadratic eigenvalue problem (10).

QQQ(λ ) = λ
2M̃MM+λC̃CC+K̃KK (10)

The matrices M̃MM,C̃CC,K̃KK are the adapted matrices from equation (3). Both left and right eigenvectors are computed
and the full problem is solved [18]. To be able to solve a quadratic eigenvalue problem with random input data
and applying the generalized polynomial chaos results in a spectral-stochastic formulation:

QQQT (λ , ·)ΦΦΦ(ξξξ ) = λ
2M̃MMT

(·)ΦΦΦ(ξξξ )+λC̃CCT
(·)ΦΦΦ(ξξξ )+K̃KKT

(·)ΦΦΦ(ξξξ ). (11)

The eigenvalues to that kind of problem are complex numbers in the complex plane. Hence, the quality factor
of the eigenvalues can be computed by using q f ac ∝ |ℜ{λ}

ℑ{λ} | [19],[20].

2.4 C-shape meta-atom
The two dimensional c-shaped resonator studied by [4], [5] and [17] is used for the modal analysis. The exact
geometry is shown in figure 2.

A

r

A(ξi)

r(ξ j)

Figure 2. C-shaped resonator with with deterministic parameters (left) and random parameters (right).

For the two dimensional c-shaped resonator the outer radius r and the sloth width A are assumed to be randomly
distributed due to manufacturing tolerances. Both random variables are considered independent and standard
normal distributed. Therefore, Hermite polynomials are used in the expansions to model the input and output
data. The outer radius is set to r = 0.02m, the wall thickness to dr = 0.005m and the slot width to A = 0.005m.
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3 RESULTS
The eigenfrequencies of the uncertain c-shaped meta-atom are calculated using MATLAB. To safe computa-
tional power, the domain is formulated as half-space problem. The x-axis is chosen as symmetry axis and the
admittance boundary set to zero Y = 0 to create a fully reflecting, sound-hard wall. The boundary between the
c-shaped resonator and the fluid domain is also assumed to be sound hard. This is shown in figure 3. For
the modal analysis quadratic elements are chosen for the finite element region and also quadratic interpolation
functions for the transversal direction of the infinite elements, whereas the radial order of the infinite elements
is 6 and Lagrange polynomials are used.

Y = 0

Ω f

Ω fc

Figure 3. Half-space c-shaped meta-atom.

The sound pressure in the finite element region Ω f for the first 4 resonant frequencies, frequencies with an
ascending real part and a descending quality factor, of the meta-atom are shown in figure 4. As it can be seen,
the sound pressure is trapped in the meta-atom and shows little radiation to the far field. Hence, the quality
factor is a good criteria to find the resonant frequencies in the complex plane. The random input data is set
to r(ξ1) = rµ +σrξ1 for the random radius and to A(ξ2) = Aµ +σAξ2, with rµ = r, σr = 0.05 · r, Aµ = A and
σA = 0.1 ·A. The number of random variables is n= 2 and the order of the polynomial of the expansion is p= 3.
The random input data are chosen randomly, without any experimental background and are over dimensioned
to visualize their influence on the output data. Nevertheless, any configuration of the input data is possible.
The probability density functions (pdfs) for the random eigenfrequencies of the c-shaped resonator are shown in
figure 5. The yellow line marks the mean value of the data, that is in accordance with the deterministic results
of 4, meaning that the results are mean value accurate. The blue line indicates the calculated pdf and the red
dots stand for the actual computed eigenfrequencies.

4 CONCLUSION AND OUTLOOK
The combination of the finite element method, the infinite element method and spectral expansions is a promis-
ing tool to evaluate the eigenfrequencies of meta-atoms. That procedure is also applicable to bigger structures,
like arrays of meta-atoms or metamaterials. Hence, the Bragg type effects as well as the diffraction at the
edges of the structure can be identified by the quality factor due to the eigenvalues being complex numbers. A
possible next step is the analysis of a two dimensional finite array of meta-atoms with random parameters, that
lead to a more complex system of equations, thus, more computational power. Another one is the identification
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of the random parameters of 3D printed meta-atoms and the comparison between simulation and experiment
considering the eigenfrequencies or the insertion loss.

Figure 4. First 4 resonant frequencies evaluated in the half-space formulation.

Figure 5. Probability density function of the first 4 resonant frequencies.
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ABSTRACT 

Recent studies have discovered that acoustic metamaterial possesses great versatility in designing 

novel acoustic systems. This study investigates into the sound transmission through a periodic acoustic 

metamaterial grating of finite size. The single-layer grating is constructed by periodically arranging 

sub-wavelength unit cells in a slab, as a part of a large baffle between two acoustic domains . The 

metamaterial unit cell consists of an open duct decorated with coiled resonators , which intends to 

suppress sound transmission using its acoustic stop-band. The space-coiling structure allows the 

metamaterial to operate at low frequency with a compact size. Analytical approach to predict the sound 

transmission loss (STL) of the combined baffle is developed. The concept of metamaterial grating can 

be applied to the design of a novel ventilation window system with improved noise insulation.  

 

Keywords: Acoustic metamaterial, Sound transmission loss, Ventilation window. 

1. INTRODUCTION 

Acoustic metamaterials are a type of artificial materials that are designed to provide exotic 

properties absent in nature. The study of using acoustic metamaterials to manipulate sound wave 

propagation has received much attention, particularly for the purpose of low-frequency absorption and 

isolation beyond the restriction of dimension and weight (1-3). Acoustic metasurfaces are a newer 

class of acoustic metamaterials which have surface profile and sub-wavelength thickness, allowing 

on-demand tailoring of sound propagation by imposing a specific boundary. 

The class of metamaterial unit with an acoustic duct can be utilized for sound isolation without 

completely blocking air ventilation. The duct allows air passage while the resonators attached to the 

side-branch can provide attenuation effect on the sound transmission. For example, a two-dimensional 

array of low loss cylindrical cavities was studied, showing negative bulk modulus and dispersion 

relation of acoustic bands (4). The resonant tubular array demonstrated continuous tuning of 

compressibility in a wide range (5). Conceptually, the ensemble of duct and attached resonators can be 

considered as a metamaterial unit cell. If we periodically arrange such unit cells in a slab, an acoustic 

grating can be constructed to realize special acoustic functions by making use of the unusual property 

of the unit cells and also the interaction between the unit cells. Here, the acoustic grating is viewed as 

a subclass of acoustic metasurface where the constituting unit cells are identical rather than possessing 

a certain phase relationship. As the thickness of a single-layer acoustic grating equals to that of the 

constituting element, the slab structure has excellent geometric advantage benefiting from the 

sub-wavelength size of the unit cells. 

In this study, we present a numerical method to predict the sound transmission through a 

metamaterial grating using semi-analytical approach. The single-layer grating is constructed by 

periodically arranging sub-wavelength unit cells in a slab, as a part of a large baffle between two 

acoustic domains. It is shown that a metamaterial grating can provide superior sound insulation while 

allowing air to ventilate through the openings distributed on the surface. By using such a principle, a 

full-scale metasurface ventilation window is designed and experimentally demonstrated . Substantial 

improvement in the acoustic performance shows the benefit of incorporating such metasurface concept 

into the design of sound insulation components. 

2. Semi-analytical numerical approach 

This section briefly outlines the necessary steps to model the sound transmission of a metamaterial 
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grating system. Let us consider a two-dimensional slab comprised of a number of metamaterial unit 

cells arranged periodically, forming a single-layer grating as a part of a large baffle. The metamaterial 

unit cells are open acoustic ducts decorated with coiled resonators, as shown in Fig. 1. The boundaries 

of the unit cells and the separation between grating elements are assumed as rigid to simplify the 

theoretical modeling. Using the Cartesian coordinate system, let x-axis denote the slab normal and 

y-axis denote the slab tangential. The sound incidence angle   is defined relative to the slab normal, 

with 0   being normal incidence case and the 90   being the grazing incidence case. 

Assuming the slab is excited by plane wave with incidence angle  , the incident sound pressure 

field on the left-hand side of the baffle can be expressed as: 

j( cos sin )

0( , , ) e t kx ky

inp x y p                             (1) 

where 
inp  is the incident pressure field, 

0p  is the amplitude of incident wave; j 1  ; k is the 

wave number 
0 0/ 2 /k c f c   ,   is the angular frequency and 

0c  is the speed of sound in air. 

At the slab interface where x=0, the above expression reduces to
j( sin )

0e
t kyp  

. The time dependence 

je t
 can be neglected if we carry out harmonic analysis. 

 

 
 

 

Figure 1. A slab comprised of metamaterial unit cells arranged periodically to form a single -layer 

acoustic grating. The metamaterial unit cell is an open duct decorated with coiled resonators.  

 

On the right-hand side of the slab, the transmitted sound through the unit cell causes an air velocity 

disturbance at the outlet aperture and radiates into the receiving field. Under the baffled condition, 

sound radiation from the periodic outlet apertures can be modeled as cylindrical waves radiating into 

a semi-infinite free space. To determine the radiation impedance between the radiated pressure field 

and the unit cell velocity, the governing Helmholtz equation is:  

 
2 2[ ( )] ( , ) 0radk r p r                                (2) 

where 
radp  is the radiated sound pressure,   is the Laplacian operator, 

2 2
2

2 2x y

 
  

 
for 

Cartesian coordinate system and 
2 1

r
r r r

 
 

 
 for cylindrical coordinate system, r  is the 
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position vector of receiving point R. By omitting the time-dependent term 
j te 

, the solution to the 

above equation is: 

 
(2)

0( ) ( )radp r aH kr                                (3) 

where a is the amplitude determined by the strength of sound radiation source, 
(2)

0H  is the zero order 

Hankel of the second kind. 

Assuming the outlet aperture of a unit cell is small compared to the acoustic wavelength, and the 

receiving point R is located in the far field, the outlet aperture can be approximated as a point source 

with uniform velocity. The radiation strength is 
0 0 / 2a k c q  and Eq. (3) can be further written as: 

 
(2)0 0
0( ) ( )

2
rad

k c q
p r H kr


                              (4) 

where q is to describe the strength of air velocity disturbance at the outlet aperture:  d dq u y , with d 

here being the differential operator, u being the normal air velocity averaged over the aperture area

oh .  

Assuming the radiated sound pressure field behind the baffle is a linear superposition of the sound 

fields generated by all the periodic unit cells. The sound pressure 
np  at a specific unit cell n due to 

excitation from all the unit cells, including cell n itself, inversely affects the pressure continuity 

relation. This coupling effect has to be apprehended to solve the coupled system response. The mutual 

radiation impedance between a receiving unit cell n and an exciting unit cell m is /nm n mZ p u , and 

the self-radiation impedance is /mm m mZ p u . By translating the origin of the coordinate system to 

the center of the outlet aperture at the exciting cell m, i.e., let y=0, the acoustic pressure on the 

receiving cell n due to an exciting cell m, provided that m n  is: 

 
/2

(2)0 0
0

/2
( ) ( )d

2

o

o

h

n n m
h

k c
p y u H ky y




                          (5) 

where the integration is taken over the radiating outlet aperture at cell m from / 2oh  to / 2oh . The 

mutual radiation impedance between cell m and n is thus: 

 
(2)0 0
0 ( )

2

n o
nm nm

m

p k c h
Z H kd

u


                           (6) 

where 
nmd  is the separation distance between the cell n and m. 

For the self-radiation impedance where m n : 

 
0

0

/2
(2)0 0
0

/2
( )d

2

h
m

mm
h

m

p k c
Z H ky y

u




                          (7) 

The metamaterial unit cell is modeled as a waveguide to connect the incident and receiving sound 

fields analytically described as above. The sub-wavelength property of the unit cell makes it 

reasonable to consider its interaction with the adjacent acoustic fields as a one-dimensional waveguide. 

For the metamaterial unit cell as shown in Fig. 1, its acoustic wave propagation in the duct is 

one-dimensional if the frequency range is below the cut-off frequency determined by the aperture size:

0 / 2c of c h . The one-dimensional waveguide can be described by the four-pole transfer matrix, 

which relates the pressure and velocity conditions on both ends of a unit cell as: 

 
1 2

1 2

p pA B

u uC D

    
    
    

                            (8) 

The four-pole parameters can be obtained either analytically or numerically, depending on the 

complexity of the unit cell geometry. After the unit cell parameters in Eq. 8 and the radiation 
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impedances in Eqs. 6 & 7 are obtained, the system response can be determined by coupling the incident 

and receiving field together using a sub-structuring approach (6). Then the sound transmission loss of 

the single-layer metamaterial can be calculated.  

3. TL of a 2D metamaterial grating 

As a numerical example, the sound transmission characteristics of a metamaterial grating 

composed of unit cells as shown in Fig. 2 are studied using the proposed approach. The STL of a single 

baffled unit cell is first calculated. In figure 2, the STL shows a sharp peak between 700 and 900 Hz, 

owing to the stop-band of the unit cell. In this frequency range, the coiled resonators along the duct 

impose strong impedance mismatch along the wave propagation direction, thus the incoming wave is 

strongly reflected back to the incident field. The unit cell is blocking noise transmission, while at the 

same time offering a transparent path for air movement. 

Then, the STL of the acoustic grating system comprised of five identical unit cells is calculated. 

First, we consider normal sound incidence and the unit cells are closely adjacent to each other. With d 

= 0 m, the STL in Fig. 2 shows a similar sharp peak, whereas TL at other frequencies are more flattened 

compared to the single unit cell STL. This indicates that with more periodic arrangement of identical 

unit cells, the metamaterial grating is able to provide the same noise isolation ability as the unit cells. 

The metamaterial block can then be scaled up into a linear or planar structure to provide ideal acoustic 

function.  

 

Figure. 2. Unit cell geometry with three coiled resonators (in cm) and STL of a single unit cell and 

acoustic gratings comprised of five unit cells. 

 

4. Design of metamaterial ventilation window 

Using such design principle, a metamaterial ventilation window is designed and experimentally 

demonstrated at the room scale. Using the center opening of a conventional window combination, a 

3x3 metamaterial array is designed. Each unit cell has a two-layer resonant chamber as sketched in Fig. 

3 (a), where an opening occupying a quarter of the unit cell surface area is designed to allow air 

ventilation. The dimension of the chamber is tuned using numerical model to optimize the attenuation 

performance for traffic noise frequency near 1000 Hz (7). The fabricated prototype is shown in Fig. 3 

(b), the structure made of 2 mm acrylic panels provides good transparency.  
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Figure 3. (a) Design and dimensions of a meta-material ventilation window; (b) The fabricated prototype.  

 

The performance of the meta-material window is first measured in linear frequency range by using 

tonal noise excitation to verify the design and prediction. Fig. 4(a) shows the predicted transmission 

loss and the measured data, where good agreement is found in both frequency range and attenuation 

level. Thus the numerical model can provide an accurate tool to design such kind of ventilation 

window for different applications with different noise features. In Fig. 4(b), the Sound Reduction 

Index (SRI) of the metamaterial window is compared with that of a normal window, as described in Fig. 

4(b). The SRI is measured with either metamaterial or normal window opened alone, and both 

windows are opened with a similar ventilation area. Measurement is conducted according to ISO 

10140. The improvement by metamaterial window is shown to be very significant, and it provides an 

enhanced attenuation region between 800 Hz and 1600 Hz, exactly as we designed. The Single Number 

Quantity (SNQ) rated by ISO 717 is 21.7 dB for the metamaterial window and 14.6 dB for the normal 

window, i.e., 7.1 dB higher. Using broadband white noise and real traffic noise recording, it was 

verified that meta-material window can perform 6-8 dB better than normal window. Therefore, the 

metamaterial window is concluded to be capable of improving the noise attenuation by 7 dB.    

 

Figure 4. (a) Comparison between predicted attenuation performance (design) and actual measured data; (b) 

Comparison between the measured SRI of the metamaterial window and the normal window with the same 

opening area. 

5. CONCLUSIONS 

This paper has presented a numerical approach to model the sound transmission through an acoustic 

grating system comprised of sub-wavelength unit cells. The unit cell was constructed based on an 

acoustic duct decorated with coiled resonators. A number of unit cells were arranged periodically in a 

slab to form an acoustic grating. Numerical results showed that the proposed metamaterial grating can 

provide desired sound insulation in the design frequency range without entirely blocking the air flow. 

The design concept has been applied to the design and tuning of a metamaterial ventilation window 

prototype. Experimental measurement demonstrated the validity of the proposed numerical approach. 

Improved sound reduction performance has been achieved by using metamaterial window design.  
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ABSTRACT 
The development of windows which can address the issue of high noise levels while maintaining natural 
ventilation has drawn significant attention recently. However, there are limitations to traditional ouble 
glazing together with duct designs. Previously, window systems have been developed based on the local 
resonant stopband of acoustic metamaterial (AMM) to achieve dual functions of noise reduction and natural 
ventilation. In this study, a new effort is made to develop a window system with foldable origami 
metamaterial, which conceptually proposes a novel approach for acoustic and ventilation design. The 
proposed device allows air exchange between the interior and exterior domains, and it forms an 
omni-directional acoustic metacage in the folded state. This paper elaborates the design concept of the 
proposed device and the important design parameters. The sound reduction performance is investigated using 
Finite Elements Method (FEM) simulations. The numerical method developed in this work can facilitate the 
optimisation of origami metamaterial for real window designs.   
 
Keywords: Metamaterials, Ventilation, FEM. 

1. INTRODUCTION 
Conventional acoustic techniques allow controlling sound waves within a limited range of 

frequencies. Generally, noise control devices are bulky in order to operate in the typical airborne noise 
frequencies (1–5). Acoustic metamaterials are very versatile owing to its excellent properties related 
to its physical size (6,7). Particularly, origami metamaterial greatly extends the tuning ability and 
design range of existing metamaterial benefiting from its unique geometric flexibly. Recent studies 
have shown that origami folding can be combined with appropriate acoustic and mechanical design to 
improve the performance in many regards (8-10). Based on the interesting origami concept and the 
encouraging results so far, metamaterial window design with a specific aim to achieve both noise 
reduction and ventilation can be further improved.  

This study presents the conceptual design of a novel origami acoustic metacage, whose 
performances are tunable during the reconfigurable process. The working principle for noise reduction 
is similar to the acoustic metacage structure proposed earlier (11), while the origami enables a unique 
mechanism to effectively vary the acoustic and ventilation characteristics in the folded and unfolded 
state. Starting from the metacage concept, a design to allow expansion and compression of circular 
boundary surrounding a sound source is developed as illustrated in Fig. 1. Unique structural design on 
the boundary forms a couple of metamaterial units in the folded state, which can control sound wave 
radiation to the exterior domain through the ventilation apertures. Two types of ventilation  conditions 
are considered in this study, according to Fig. 1. Design 1 has distributed perforations along the 
perimeter, while Design 2 has ventilation apertures and thus much larger ventilation volume . In the 
first case, the open ratio (open surface/total perimeter) is 32% while for the apertures one is 52%. The 
folded and unfolded configurations of the two designs are compared in Fig. 1. As a preliminary study,  
only the two extreme configurations (completely folded and unfolded) are tested using 2D Finite 
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Elements Method (FEM) simulations, hopefully, to demonstrate the dramatic change in the acoustic 
property resulted from the origami metamaterial. 

 
 

            
 

Figure 1– Schematic of Design 1 (Origami metacage with perforations) (a1) and Design 2 (Origami 

metacage with apertures) (b1) in the folded and unfolded (a2,b2) state. The yellow and light blue dots 

denote the movements of the folding points along the boundary: valley folds (light blue), and mountain 

folds (yellow). 

This paper aims to demonstrate the effectiveness of this novel metamaterial for window 
applications. This model can be used at different frequency ranges (100-10000Hz), and several 
dimensions (0.2, 1, and 2 m in diameter) are tested to show the shift of working frequency with respect 
to system size. The device can be incorporated into a window without obstructing natural lighting from 
the outdoor environment. An inversely proportional correlation between the shifting of the most 
affected frequency range and the model dimensions is expected. This phenomenon should be 
accompanied by a Sound Pressure Level (SPL) dip, according to the resonator nature of this 
metamaterial.  

2. METHODOLOGY 

2.1 Geometrical Setting 
In this research, the acoustic wave propagation is set to be originated from the interior of the 

origami metacage and radiates out through the distributed ventilation holes along the surface . The 
actual 3D system can be viewed as a protrusion from the 2D plane, where each cross-section has the 
same geometry. For this reason, 2D simulation is carried out for the sake of computation efficiency. 
The 2D FEM model represents the geometry of the origami metacage, and the folded and unfolded 
configurations are illustrated in Figure 2. The diameter of the metacage (refer to unfolded state) is 0.2 
m and 0.4 m for the circular outer boundary. This diameter ratio 1:2 is kept the same for all the 
simulation cases with different scales which will be tested later, in order to understand the effect of 

a1 b1 

a2 b2 
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system size on the frequency range. 

 
Figure 2 – Geometrical configurations of Design 1 (folded and unfolded) and boundary conditions: central 

point source, interior sound hard boundaries (blue), and cylindrical free wave radiation (dashed line). 

 The folded configurations represent in 2D an octagonal star (eight points) with 0.05 m length of 
each side. In each of these extremities two cavities are positioned towards the cent re of the triangular 
point, delimited by layers which start from the sides and extend towards the middle of it for 
respectively 0.008 m, 0.012 m, and 0.016 m, and cavities width as 0.008 m (see Figure 2). A parametric 
study, done to see an acoustic effectiveness difference while changing those components dimension, 
supports the setting of the dimension of both cavities and central duct (see Figure 3). The parametric 
study took in consideration three width configurations for the cavities (a= 0.007, 0.008, 0.009 m) and 
three for the central duct (b=0.007, 0.008, 0.009 m). From the results, it is clear that the cavities width 
change does not affect the metacage performance, so for the next parametric study, the a2 configuration 
will be used. The next results show that the central duct width change does not affect the metacage 
performance in the considered terms of dimension changing. So the configuration a2 and b2 can be set 
as standard as explained before. The acoustic and airwave propagation from the inside to the outside of 
the metacage and vice versa is guaranteed by the resulted duct of width 0.008 m and by the four holes 
of 0.008 m length each on the point. When the geometric configuration passes from the folded to the 
unfolded one (see Figure 2), the sides of each extremity open and generate a circular perimeter shape. 
The holes rotate with the sides, and the layers that constitute the cavities rotate as well until getting 
oriented towards the centre with displacement from the direction perpendicular to it of 30° (see Figure 
2). 

 
Figure 3 – Dimensions of the metamaterial unit formed in the folded state for Design 1. 
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2.2 Boundary Conditions and Study Settings 
The numerical model is implemented using commercial FEM software Comsol Multiphysics under 

Acoustics module. A monopole point source is placed at the centre of the origami metacage with a 
volume flow rate of 0.01 m2/s. At the outer boundary, cylindrical wave radiation is defined to simulate 
free outgoing waves without reflection. The simulation domain is filled with air, where air density and 
sound speed at room temperature are used. The walls of the metacage and material cells are set as 
interior sound hard boundaries, as depicted in Figure 2. Sound transmission through walls of the 
metacage and possible viscous-thermal effect in the narrow resonator channels are neglected in this 
study.  

The SPL is averaged at the outlet boundary (dashed line in Fig. 2), to compare the acoustic response 
in the unfolded and folded state. A decrease in the SPL curve will thus indicate less efficient sound 
radiation because sound energy is more confined in the metacage. The mesh size is determined 
according to the FEM criterion, where at least six nodes are used to simulate a wavelength in air. To 
reach 10000 Hz, the maximum allowed element size is thus 343/6/10000=0.0057 m. The study is a 
frequency domain analysis from 100 Hz to 10000 Hz with a step size of 100 Hz. In the results, the SPL 
radiation is shown linearly in the simulation frequencies.  

3. NUMERICAL RESULTS 

3.1 Design 1 
Figure 4 first shows the simulation results of Design 1 in the folded and unfolded state. The 

averaged SPL at the radiation boundary is between 40 dB and 120 dB, where some variations and peaks 
can be observed due to the resonance of the circular enclosure. From the SPL radiation graph (Figure 
4a), both the folded and unfolded configuration effects are analysed. For the folded one the SPL 
radiations reduce significantly at low frequencies (average of 106.6 dB of SPL), while in medium 
frequency it loose efficacy, and from 2500 Hz to go on, an increasing sinusoidal behaviour starts, with 
a SPL average of 90 dB and a SPL dip of 48.7 dB at 8100 Hz. Figure 4b and 4c highlight the 
confinement effect of the SPL at the different dip frequencies for both unfolded (dip at 4700Hz) and 
folded (dip at 8100 Hz) configurations. In both graphs, it is evident how the folded state has a higher 
acoustic impact on the sound wave confinement. 

     

 
Figure 4 – SPL radiation (a) and SPL distribution graph for 0.2 m Design 1 at 4700 Hz of the unfolded (b) 

and 8100Hz of the folded configuration (c). 
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3.2 Design 2 and Comparison with Design 1 
In the next subsection, the results of Design 2 are analysed and compared with Design 1. From the 

graph (Figure 5a and Figure 6) it is evident that the acoustic behaviours of the two samples are the 
same. This conclusion is visually supported also by the SPL distribution graph (Figure 5b and 5c), 
which shows how the distribution of the colour is similar. Moreover, also for Design 2, both graphs 
show clearly how the folded state confine the sound wave in the internal part  with more effectiveness. 
This comparison result (between Design 1 and Design 2) is significant to understand how the design 
can allow a better ventilation condition without affecting the acoustic performance of the device. This 
improvement, as explained in the introduction about purposes, is needed to have proper ventilation of 
the contained mechanical or of the physical system.  

     

 

Figure 5 – SPL radiation (a) and SPL distribution graph for 0.2 m Design 2 at 4700 Hz of the unfolded (b) 

and 8100Hz of the folded configuration (c). 

    
Figure 6 – Comparison between SPL radiation of Design 1 and Design 2. 

a 

b c 

1981



 

 

3.3 Comparison of the Different Scaled Models 
This section focuses on the correlation between the dimension of the device and the SPL reduction 

effect of it. For the sake of completeness, bigger samples of both Design 1 and Design 2, are built and 
analysed through the same acoustic simulation settings. Although, since the behaviour of Design 1 and 
Design 2 is mostly identical, it can be reasonable to consider using the second one to improve the 
ventilation for the same reason explained before. So for the sake of simplicity only results related to 
Design 2 will be presented, comparing the performance of the original model with those of diameter 
equal to 1 and 2 m.  

From the results, it is clear that, as expected, the increasing of the dimensions (five and ten times 
bigger in this case), causes a shift of the SPL reduction peak towards lower frequencies. In particular, 
for the folded configuration, in the 1 m model, the dip is at 1600 Hz (Figure 7) with SPL of 38.25 dB. 
This phenomenon happens consistently and progressively with the increasing of the models, and it is 
demonstrated by the other study with dimensions ten times bigger than the original ones. For the 2 m 
models, the dip is at 800 Hz where SPL is 31.95 dB.  

From Figure 7, the effectiveness of the origami metacage it’s demonstrated in this frequency range, 
and the contribution of the folded configuration in this process is proved.  

 
Figure 7 – SPL radiation of Design 2 with 0.2, 1, 2 m diameter. 

4. DISCUSSION ON POSSIBLE DESIGN APPLICATIONS 
The main aims of this research are achieved, and further experimental study will give more 

completeness to the research. So now new possibilities are open for devices’ design which aim noise 
reduction together with natural ventilation. Applications can interest both private and public spaces, 
which are affected acoustically from the co-existence of different activities or infrastructures. For 
these reasons, windows systems might be taken into account. The proposed geometry may be 
embedded in a window design built on an external wall of a private or public building such as a house, 
a school or a hospital. The resulting SPL broad dips of 38.25 dB and 31.95 (1 and 2 m diameter model) 
might result of some impact in a situation where the area surrounding these buildings is very crowded, 
or when there are overlapping activities which might create high-level noise. An example could be to 
embed a system of origami metacage ducts in window frames or using the structure itself with 
increased width and a transparent back panel to allow also light exchange between two environments. 
A validation work will follow to test the actual building feasibility of a prototype and determine 
whether if the transparent back panel might affect its performance or allow a new generation of tunable 
window systems. 

5. CONCLUSIONS 
This study has investigated the acoustic characteristics of a proposed origami acoustic metacage 

with a unique reconfigurable mechanism. Two configurations with different ventilation designs 
(perforations/apertures) have been tested to assess the noise reduction and estimate the ventilation 
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volume between the inside and the outside of the origami metacage (from 32% to 52% of opening 
ratio). The folded metacage shows a profound dip in the radiated SPL due to the excellent silencing 
effect provided by the metamaterial unit in front of the ventilation holes. The frequency and bandwidth 
of the effective region are related to the geometric parameters and scales of the system.  atural air 
ventilation is possible without any additional element, showing the potential of the proposed device to 
be used in ventilation window systems. The developed numerical model can be further employed to 
optimise the size and shape of the device to achieve better ventilation and noise reduction in the 
desired frequency range.  
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ABSTRACT 

Automotive parts are required to reduce weight and size, and such the task is also necessary for sound 

absorbers as well. So the microfiber sound absorber with high performance whose fiber diameter is several 

hundreds nanometers or several micrometers is being used widely. On the other hand, it is important to 

develop techniques for estimating sound absorbing performance when we design the structure of microfiber 

sound absorber. 

However, preceding research is not for estimating oblique incidence sound absorbing coefficient but for 

estimating normal incidence sound absorbing coefficient. This paper presents numerical calculation and 

experiment for the oblique incidence sound absorbing coefficient of the microfiber sound absorber in the free 

sound field, and refers to some considerations on the structure of microfiber sound absorber. 

 

Keywords: Sound absorbing material, Microfiber, Finite element method 

1. INTRODUCTION   

The weight reduction and space saving of automobile parts are advancing, and for the sound 

absorbing material such the tackling is also becoming indispensable. For this reason, microfiber sound 

absorbing materials having a fiber diameter of several hundred nanometer or several micrometers, 

which are light-weight, thin, and have high sound absorbing performance, are beginning to be widely 

used. 

Regarding the prediction method of the normal incidence sound absorption coefficient of the 

microfiber sound absorbing material, it has been reported by Kato (1) and Kurosawa (2) et al. that the   

measured value and the predicted value do not coincide with each other in the Delany-Bazley model 

and the Miki model when the fiber diameter is small, and the limp frame porous model proposed by the 

Panneton (3) is valid. However, with respect to the flow resistivity, the porosity, the tortuosity,  the 

viscous characteristic length, the thermal characteristic length, etc. of the non-acoustic parameters 

required for calculating the limp frame porous models, it has been reported by Kino (5) that the 

estimated value and the measured value of the sound absorption coefficient almost coincide with each 

other when we use non-acoustic parameters identified from the measured sound absorption coefficient 

by the software Foam-X (manufactured by ESI Corporation) based on the inverse method (4), but that 

the identified value and the measured value of the non-acoustic parameters do not always coincide 

with each other. 

On the other hand, for the actual application cases of the microfiber sound absorbing material, not 

only the normal incident sound absorption coefficient but also the oblique incident sound absorption 

coefficient are necessary in many cases, but there is no report of the prediction for the oblique 

incidence sound absorption coefficient of microfiber sound absorber.  

Therefore, in this paper, for the purpose of predicting the performance of the oblique incidence 

sound absorption coefficient of the microfiber sound absorbing material, first, the non-acoustic 

parameter in the normal incidence sound absorption coefficient prediction was examined. Next, the 

experimental value of the oblique incidence sound absorption coefficient was compared with the 

predicted value by the finite element analysis, and the knowledge for obtaining the predicted value 
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with high accuracy was obtained. 

2. THEORY 

The limp frame porous model, which has been validated in predicting the normal incidence sound 

absorption coefficient of the microfiber sound absorbing material, is a model derived from the energy 

loss by the flow through the vibrating soft skeleton of a material. The complex elastic modulus of the 

material [
eqK

~
] and the complex density of the material [

eq~ ] are obtained by the following equations 

(1),(2) and (3).   
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Where 
eqK

~
is the effective bulk modulus of air in the fiber,   is the air specific heat ratio (=1.4), 0P  is 

the standard atmospheric pressure (=1013 hPa), 𝜂 is the air viscosity (=1.81×10 
-5

 Ns/m
2
),   is the 

thermal characteristic length, 
2B  is the air Prandtl number (=0.708),   is the angular frequency, 0  is 

the air density (=1.2 kg/m
3
), 

eq~  is the effective density of air in the fiber, 
  is the tortuosity,   is the 

porosity,   is the flow resistivity,   is the viscous characteristic length,   is the density of the 

sample, s  is the density of the fiber. 

3. PREDICTION OF NORMAL INCIDENCE SOUND ABSORPTION 

COEFFICIENTS OF MICROFIBER SOUND ABSORBING MATERIALS 

As a preliminary stage of the performance prediction of the oblique incidence sound absorption 

coefficient of the microfiber sound absorbing material, the prediction model with high accuracy for the 

normal incidence sound absorption coefficient was examined. 

3.1 Specimens of Microfiber Sound Absorbing Material 

Table 1 shows the average density and porosity of five specimens having different densities used 

for the measurement. The material of test pieces were polypropylene fibers, the average fiber diameter 

was 3.02 μm, and the thickness of the test pieces was 20 mm. 

 

Table 1 – Sample properties of microfiber absorbers 

 

3.2 Actual Measurement of The Normal Incidence Sound Absorption Coefficient 

Fig. 1 shows the measured values of the normal incidence sound absorption coefficients of the 

specimens having different densities shown in Table 1. The impedance Tube, Type4206 (manufactured 

by B&K) was used for measuring the normal incidence sound absorption coefficient.   

A B C D E

Density(kg/m3) 7.89 14.09 20.31 28.30 40.71

Porosity 0.9912 0.9843 0.9774 0.9686 0.9548

1985



 

 

 

Fig.1 – Measured normal incidence sound absorption coefficients of microfiber absorber samples whose 

thicknesses are 20mm. 

3.3 Predictive Calculation 

First, for the four calculation models shown below, the prediction of the sound absorption 

coefficient in the case of thickness of 20 mm was calculated. 

(i) Delany-Bazley-MIKI model (6) 

(ii) Limp frame porous model 1(Non-acoustic parameters except for the flow resistivity identified 

by Foam-X from the measured results of the sound absorption coefficient in Fig. 1 were used, 

but the flow resistivity was measured value.) 

(iii) Limp frame porous model 2(Non-acoustic parameter identified by Foam-X from the measured 

results of the sound absorption coefficient in Fig. 1 were used, and the flow resistivity was also 

identified by Foam-X.) 

(iv) Using the characteristic impedance and complex propagation constant measured by the 

two-microphone method 

The value of the flow resistivity were calculated in the approximate equation derived from 

measured data of the flow resistivity shown in Fig.2, in which 65 samples with range of densities from 

15.8 kg/m
3
 to 59.3 kg/m

3
 were measured by AIR-PERMEABILITY TESTER, KES-F8-AP1 

(manufactured by Kato Tech Co., Ltd.). The value of the flow resistivity in the model (i) and (ii) was 

obtained by substituting the density of the specimen into the approximate equation, and was identified 

by using Foam-X in the model (iii). 

 

Fig.2 – Measured flow resistivity 

    

It can be seen from Table 2 that the identified values of flow resistance differ greatly from the 

measured values as the density increases. On the other hand, the difference between the case in which 

the flow resistance is identified and the case in which the flow resistivity is measured, is small for the 

viscosity characteristic length and the thermal characteristic length.  

Fig. 3 shows the calculated values and the measured value of the normal incidence sound 

absorption coefficient of the models (i) to (iv). In these figures, “with FR” means that the measured 

flow resistivity was used for the calculation, and “without FR” means that the identified flow 

resistivity was used for the calculation. 

From Fig.3, it can be confirmed that the MIKI model is not suitable for predicting the performance 
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of the microfiber sound absorbing material because the degree of coincidence decreases against 

increasing densities. 

Since the limp frame model (iii) has the non-acoustic parameters which have been identified so that 

they coincide with the actual measured sound absorption coefficient, the calculated value of the 

normal incident sound absorption coefficient is consistent with experimentally measured value.  

However, with respect to the model (ii) in which the measured values of the flow resistances were 

adopted in the identification of the parameters, the consistency decreases as the density becomes larger 

than that of the specimen D (28.30 kg/ m
3
), which suggests the necessity of the consideration for 

handling non-acoustic parameters to apply the limp frame model of the microfiber sound absorbing 

material. 

Table 2 shows the non-acoustic parameters of the specimens identified by the Foam-X and 

measured flow resistivities used to calculate the limp frame porous model.  

 

Table 2 – Non-acoustic parameters of the specimens 

 

 
(a) A (Density: 7.89kg/m

3
)    (b) B (Density: 14.09kg/m

3
)    (c) C (Density: 20.31kg/m

3
)   

  
(d) D (Density: 28.30kg/m

3
)     (e) E (Density: 40.71kg/m

3
) 

Fig.3 – Comparison between measured and predicted normal incidence sound absorption coefficient of 

microfiber absorber sample A – E whose thickness is 20mm. 

3.4 Predictive Calculations for Different Thicknesses 

In order to evaluate the prediction accuracy of the four calculation models ((i) to (iv)) in the 

preceding section, the measured values and the predicted calculation values were compared in Fig.4 

and Fig.5, where the thickness was different, but the density was same as that shown in Table 1. In the 

calculation, previously identified non-acoustic parameters were adopted. Comparisons were made for 

two cases with thicknesses of 10 mm and 40 mm. 

Usage of

measured flow 

resistivity

Density

(kg/m3)
Porosity

Flow 

resistivity 

(Ns/m4)

Tortuosity
VCL(a)

(μm)

TCL(b)

(μm)

A
○

7.89 0.9912
19614 1 41.3 82.5

× 20128 1 41.5 82.9

B
○

14.09 0.9843
49296 1 24.3 48.7

× 44927 1 24.3 48.6

C
○

20.31 0.9774
88144 1 17.6 35.2

× 63759 1 16.6 33.3

D
○

28.30 0.9686
149356 1 12.1 24.1

× 100424 1 11.3 22.6

E
○

40.71 0.9548
266126 1 6.7 13.3

× 143680 1 9.4 18.8

(a): Viscous characteristic  length, (b): Thermal characteristic  length 
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From Fig.4 and Fig.5, it was found that the consistency between the measured value and the 

calculated value of the MIKI model was generally poor for both different thickness. In addition, it was 

considered that the model (iv) based on the measured characteristic impedance and the complex 

propagation constant has poor consistency when the material is thin, because the influence of the 

measurement error of the two-microphone method may appear. On the other hand, the limp frame 

porous model has more accurate consistency than other models, and the model (iii) was the most 

accurate model in which the value of the flow resistivity was identified by Foam-X the same as other 

non-acoustic parameters were identified at the specimen thickness 20mm, although the identified 

value of the flow resistivity was different from measured value. 

 
(a) A (Density: 7.89kg/m

3
)    (b) B (Density: 14.09kg/m

3
)     (c) C (Density: 20.31kg/m

3
) 

 
(d) D (Density: 28.30kg/m

3
)   (e) E (Density: 40.71kg/m

3
) 

Fig.4 – Comparison between measured and predicted normal incidence sound absorption coefficient of 

microfiber absorber sample A – E whose thickness is 10mm. 

 

 
(a) A (Density: 7.89kg/m

3
)   (b) B (Density: 14.09kg/m

3
)    (c) C (Density: 20.31kg/m

3
) 

 
(d) D (Density: 28.30kg/m

3
)   (e) E (Density: 40.71kg/m

3
) 

Fig.5 – Comparison between measured and predicted normal incidence sound absorption coefficient of 

microfiber absorber sample A – E whose thickness is 40mm. 

4. NUMERICAL ANALYSIS OF OBLIQUE INCIDENCE SOUND ABSORPTION 

COEFFICIENT 

In this chapter, the calculation accuracy of predictive calculation models (i) to (iv ) was investigated 

by experiment and numerical analysis for the oblique incidence sound absorption coefficient of the 

microfiber sound absorbing material. 

4.1 Numerical Solution 
For the numerical analysis, a finite element analysis software Actran (product of MSC) was used. 
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The analysis region of the sound absorbing material is treated as the sound field which has the effective 

complex sound wave velocity and the effective complex density to calculate four cases of the model 

(1) to the model (iv). 

4.2 Calculation Model 

Fig. 6 shows the numerical analysis model of FEM. 

The oblique incidence sound absorption coefficient was derived (7) by computing sound pressure at 

the observation point under three conditions of the specimen surface, the specimen reflection 

condition, the complete reflection condition and the non-reflection condition in Fig.6.  

The oblique incidence sound absorption coefficients of three specimens C (20.31 kg/㎥), D (28.30 

kg/㎥) and E (40.71 kg/㎥) in Table 1 were calculated and compared with the measured results. The 

number of elements was 121807, and the element size was 2.5 mm to 10 mm. 

 

Fig.6 – FEM 2D model for numerical analysis 

4.3 Experiment 

Fig. 7 shows an outline of the apparatus used for the measurement of the oblique incidence sound 

absorption coefficient. 

The sound source speaker and the microphone were arranged at symmetrical positions, and the 

reference microphone was set in the vicinity of the sound source speaker. The direction of the 

speaker was arranged so as to be incident on the test piece at 45 degrees, and the area of the test 

piece was 1 m
2
. 

Measurements were carried out in the anechoic room. The method for calculating the oblique 

incidence sound absorption coefficient was the same as the case in the numerical analysis described 

above. 

 
Fig.7 – Experimental apparatus for measurement of sound absorption coefficient at 45degree oblique 

incidence 
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4.4 Comparison between Calculated Results and Measured Results 

Fig. 8 shows the comparison between the calculated oblique incidence sound absorption 

coefficient, which was derived from the computed sound pressure at the observation point, and 

experimental value. 

 From Fig. 8, it was confirmed that the model (iii) of which the flow resistance was also 

identified when the other parameters were identified by using Foam-X and the model (iv) based on 

the measured characteristic impedance and complex propagation constant were highly consistent in 

all cases. But the case of the model (ii), in which the flow resistivity was not identified but measured, 

shows good consistency for the specimen C(20.31 kg/㎥) and D(28.30 kg/㎥) but shows large 

difference between measured value and calculated value for the specimen E(40.71 kg/㎥) 

 

(a) C (Density: 20.31kg/m
3
)      (b) D (Density: 28.30kg/m

3
) 

 

(c) E (Density: 40.71kg/m
3
) 

Fig.8 – Comparison between measured and computed sound absorption coefficient of microfiber absorber 

sample C – E at 45degree oblique incidence 

5.  AN EXAMPLE OF AN APPLICATION FOR AN ACTUAL PRODUCT 

The optimum structure of the microfiber sound absorbing structure was investigated by using the 

calculation model (iii) with the best calculation accuracy. And the performance of the obtained 

optimum structure was evaluated by measuring the sound absorption coefficient by reverberation room 

method close to the actual sound field.  

Fig. 9 shows the comparison between the developed structure of microfiber sound absorbing 

material (400 g/m
2
) under the restriction of the whole thickness 19mm and the current structure which 

consist of 4mm thick polyester fiber and 15mm back sir space.  

The improvement of sound absorption coefficient by 0.3 in the 1 kHz band and the weight reduction 

were achieved for the developed structure of the microfiber sound absorbing material. 
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Fig.9 Comparison of the sound absorption coefficient measured by reverberation room method between 
microfiber absorbing structure and current structure 

6. CONCLUSION 

As described above, in order to predict the performance of the oblique incidence sound absorption 

coefficient of the microfiber sound absorbing material, the following findings were obtained by 

examining the non-acoustic parameters in the prediction of the normal incidence sound absorption 

coefficient and by comparing between the experimental value of the oblique incidence sound 

absorption coefficient and the predicted value derived from the finite element analysis. 

(1) Delany-Bazley-MIKI model is inadequate for predicting the performance of microfiber sound 

absorbers. 

(2) It was confirmed that the performance of the microfiber sound absorbing material could be 

predicted with high accuracy by using the limp frame porous model when all the non-acoustic 

parameters were identified by the Foam-X. 

(3) However, when we adopt the measured flow resistivity and other non-acoustic parameters 

identified by Foam-X to analyze the microfiber sound absorbing performance by using the limp 

frame porous model, the accuracy of the prediction is not always improved. And attention must 

be taken. 

(4) In predicting the oblique incidence sound absorption coefficient of the microfiber sound 

absorbing material, it was found that the limp frame porous model or the model of the complex 

sound velocity and complex density obtained from the measured characteristic impedances and 

complex propagation constants had good agreement with the measurement. 

It should be noted that the elucidation of (3) is a future theme. 
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Off-line envelope estimation for acoustic screens with uncertain properties
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Abstract
The development of new solutions to reduce impact of noise receives constant attention both from the research
and engineering communities. Even though the proposed systems tend to diversify, multi-layered absorbers
based on foams remain the most common. Such structures feature one or several thick slabs of foam and are
completed by protective or tuning layers of small thickness inserted between slabs or on the free surface. These
layers (acoustics screens or films) bring a number of challenges. Firstly, their thickness makes them hard to
characterise and some parameters are uncertain. Secondly, the bonding to the surrounding system alter the
effective properties. Given the strong influence the films have on the system’s response, it appears important to
account for these uncertainties from the design phase on. The present contribution introduces a new technique
to efficiently account for uncertainty linked to the screens. More precisely, the proposed approach is based
on separating the average film influence from the deviation due to uncertainties. This allows to estimate the
response envelope using a pre-computed average response and the properties. The results computed for a range
of typical and challenging configurations are promising and validate the robustness of the method at any angle
of incidence.
Keywords: poroelastic media, uncertainties, envelope curves

1 INTRODUCTION
The requirements in terms of noise reduction keep being raised so to reduce the impact on health and well-
ness [1, 2]. This trend calls for a better understanding of the most common noise absorbers and for new ways
way towards optimised systems. The context of the present study is composite absorbers usually constructed by
assembling several layers of poroelastic media [3]. This is a widely used strategy to create absorbing panel and
it proved to be efficient on a wide frequency band at a reasonable cost. Many contributions from the literature
study this kind of absorbers [3, 4] or their modelling [5, 6, 7] and thus, for conciseness, this part will not be
considered in the following.
The films often added on the absorber’s free surface are one of the easiest ways to to tune these absorbers [8].
Despite their usual thinness (sub-millimetre), these components alter the coupling between the surrounding air
and the absorbing layers and tend to improve the performances if chosen carefully. Nevertheless, their nature
and geometry imply a difficult characterisation [9, 10] and thus, reported values for the different parameters of
these media are often inaccurate. In the present contribution, the choice is made to account for these uncertain-
ties and represent the systems’ response as an envelope controlled by the film’s most uncertain parameters.
The remainder of this contribution is as follows. After this introduction, a second section briefly presents how
to separate the contribution of the uncertainties that apply to one of the parameters and to derive its influence
on the classical quantities of interest. It is shown how these developments allow to quickly generate envelopes
around an average response so to represent the system’s variability. A third section gathers examples of using
the method both for simulating a response and for annotating an envelope on measured responses. A last section
discusses the results and concludes.
In the following, a positive time convention ejωt is used where j =

√
−1 is the imaginary number, t the time

variable and ω the angular frequency.

1992



2 Theory
This first part studies systems such as the one shown in figure Figure 1 and their responses to an excitation
by a PW. Particularly, the aim is to identify how the uncertainty on one of the film’s parameters impacts the
overall behaviour.

z

d L

Zs ZB

θ

Film Backing system

Figure 1. Model under study. A laminate which surface layer is a thin film (d� 1) is impinged by an air-borne
wave. Despite the backing system being represented as a single layer on a rigid backing, the proposed approach
can handle more intricate backings without requiring adaptation.

The film is thin (d � 1) and it is proposed to neglect the elastic effects, focusing mostly on the impact on
air-borne waves and considering the film as an equivalent fluid [3]. Regarding the mathematical modelling, this
assumption allows to represent the film through an equivalent density ρ f and compressibility K f which in turn
can be combined to access the associated characteristic impedance Z f and the wavenumber k f :

Z f =
√

ρ f K f , k f = ω cosθ

√
ρ f

K f
(1)

where θ is the incidence angle of the wave impinging the laminate.
A key point of the development is to identify that one can derive the surface impedance Zs for any backing
impedance ZB through the knowledge of the film’s properties and geometry. Indeed the impedance translation
theorem yields

Zs = Z f
ZB + jZ f tank f d
Z f + jZB tank f d

. (2)

Assuming the film is thin with respect to the wavelength such that k f d� 1, it comes that the tangents in (2)
can safely be approximated by their first order Taylor expansion which, after simplification, leads to

Zs ≈
ZB + jZ f k f d

1+ jZBZ−1
f k f d

. (3)

In order to further simplify the expression, a stronger assumption must be considered. In cases where ZB ' Z f
(which turns out to be true in many cases due to the highly resistive nature of the films [3, 11]) the denominator
can be approximated by a second Taylor expansion ((1+ ε)−1 = 1− ε +O(ε2) with ε � 1).
Substituting in (3), distributing the product, replacing Z f and k f by their expressions from (1) and neglecting
the second order terms yields

Zs = ZB− jωd cosθZ2
BK−1

f + jωd cosθρ f . (4)
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This expression describes the surface impedance of systems where a thin, resistive film is placed atop a so-
called backing system represented through its acoustic impedance ZB in cases where the film is considered as
an equivalent fluid.
In the context of this contribution, one of the film’s parameters is imprecisely known which in turns affect
the different geometrical and physical descriptors K f , ρ f and d. Mathematically, the uncertainty is accounted
for by representing each descriptor ξ by the sum of a nominal value ξ̄ and the associated deviation ∆ξ . In
the remainder of this paper, only uncertainties on parameters ρ f alone are discussed. Extending the approach
to other parameters and descriptors is straightforward. As a last note, the equivalent fluid model used in the
present document is a motionless skeleton model commonly known as the Johnson-Champoux-Allard (JCA)
model [12, 13, 3]. In the scope of said model, a modification of ρ f alone occurs if the airflow resistivity σ is
uncertain.
Replacing ρ f = ρ̄ f +∆ρ f into 4 leads to

Zs =

Z̄s︷ ︸︸ ︷
ZB

(
1− jωd cosθZBK−1

f

)
+ jωd cosθρ̄ f

+ jωd cosθ∆ρ f︸ ︷︷ ︸
∆Zs

.
(5)

where the first part Z̄s is entirely determined from the nominal value of ρ f and other deterministic quantities
(such as the backing impedance ZB) and the second ∆Zs is directly linked to the uncertainties.
From the overall surface impedance Zs and the surrounding air characteristic impedance Z0, it is straightforward
to derive the reflection coefficient R in a purely deterministic case:

R =
Zs−Z0

Zs +Z0
. (6)

Then, to obtain the so-called nominal and deviated components R̄ and ∆R, (5) is substituted into (6). Factorizing
Z̄s +Z0 at the numerator and denominator, the latter takes the form of 1+ ε with the small parameter being
∆Zs(Z̄s +Z0)

−1. This last operation allows to use once more a first order Taylor expansion such that

R =
Z̄s−Z0

Z̄s +Z0︸ ︷︷ ︸
R̄

(
1+

2Z0∆Zs

Z̄2
s −Z2

0︸ ︷︷ ︸
η

)
+O

(
∆Z2

s

Z̄2
s −Z2

0

)
(7)

Equation (7) introduces the parameter η which turns out to control both the deviation of R and of the absorption
coefficient α = 1− |R|2 = 1− |R̄|2|1+η |2. To further detail the expression it is important to note that η is
complex (due to both its denominator and numerator being complex) and formally writes η = η ′+ jη ′′, which
after substitution into the expression of α and simplification leads to:

α = 1−|R̄|2︸ ︷︷ ︸
ᾱ

+ |R̄|2
(
2η
′+ |η |2

)︸ ︷︷ ︸
∆α

(8)

From equations (7) and (8), it is clear that evaluating η for all frequencies allows to compute the deviation of
α and hence generate an envelope from an average response. This process, hereby called envelope annotation, is
completely independent of the determination of the average response itself. Note that in the case of uncertainties
impacting the other descriptors (d for instance) if might be needed to computed the average backing surface
impedance ZB using the translation theorem. Indeed, introducing d = d̄ +∆d in (4) shows that ZB appears in
the computation of η .
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Table 1. Properties of media used in tests, the ones for simulations are taken from the literature [14]. CL
stands for characteristic length and only the Johnson-Champoux-Allard parameters are available for the second
experimental media.

Simulations Experiments
Property [unit] Foam Film Foam Film

Open-Porosity φ 0.994 0.99 0.97 0.07±0.01
Airflow resistivity σ [N · s ·m−4] 9045 65·103 23·103 (1120.2±161.6)·10−3

Dynamic Tortuosity α∞ 1.02 1.98 1.06 1.14
Thermal CL Λ′ [µm] 197 120 149 42±1
Viscous CL Λ [µm] 103 37 54 42±1
Density ρ1 [kg ·m−3] 8.43 16
Poisson ratio ν 0.42 0.3
Young’s modulus E [Pa] 194.9·103 46.8·106

Loss factor 0.05 0.1

3 APPLICATIONS
In order to demonstrate the technique, two examples are provided in this section. The first one uses the proposed
approach to generate envelope curves from scratch and compare the results with the results of Monte Carlo
simulations. The second, uses actual measurements of a two-layers system’s response to compute an average
reponse and annotate an envelope using the films parameters.
In both cases, the system considered is similar to the one in Figure 1. The dimensions used are d = 0.5 mm
and L = 20 mm for the first test case and d = 0.3 mm and L = 17.2±0.3 mm for the second (the uncertainty
on L is linked to small differences in the porous backing samples geometry). The films and backing media
properties for both cases are presented in Table 1. The properties of air are as follows: ρ0 = 1.213 kg ·m−3,
Pr = 0.71, η0 = 1.839 ·10−5 Pa · s, P0 = 1.01325 ·105 Pa and γ0 = 1.4.
In order to render the results analysis easier, not only the absorption coefficient of the laminates is presented
but also the so-called centred envelope for which the nominal response is subtracted to all plotted quantities.
Note that the nominal response is the one obtained when all the parameters have their nominal value and that,
because of the inherent non-linearity of the models and sampling concerns, this response might be different
from the actual average one.

3.1 Computing a response envelope
In the first test case, the envelopes generated by the proposed method are compared to Monte Carlo simulations
with a set of 300 samples drawn from a normal deviation. On this basis, a so-called observed envelope is
computed by adding (or subtracting) the sample-wise standard deviation to the sample-wise average. These
quantities are computed both at normal incidence θ = 0rad and at θ = π

3 rad and shown respectively in Figures 2
and 3. The Monte Carlo results are generated using a in-house solver [15] that implements a method from the
literature [7]. For this test, the backing PEM is modelled as a Biot-JCA material (hence including mechanical
effects) and the film as a limp medium [3, 16, 17].
The empirical envelopes are computed from the Monte Carlo simulations by adding (or subtracting) the sample-
wise deviation to the sample-wise average. For both figures, these envelopes are closely following these com-
puted using the proposed approach and a deviation of 1β (with β the standard deviation of the uncertain
parameter, set to 20% of the nominal value here). The method gives reliable results both at normal incidence
(Figure 2) and at oblique incidence (Figure 3).
It is observed that the 1β curves fits correctly the empirical standard deviation envelope, which is an expected
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Figure 2. Comparison of the Monte Carlo envelopes (solid line) and the results of the proposed approach
(dashed line for one standard deviation of the uncertain parameter and dotted line for two) at normal incidence.
Light lines are Monte Carlo realisations. a) Absorption coefficient. b) Centred envelope.
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Figure 3. Comparison of the Monte Carlo envelopes (solid line) and the results of the proposed approach
(dashed line for one standard deviation of the uncertain parameter and dotted line for two) at θ = π/3 rad. Light
lines are Monte Carlo realisations. a) Absorption coefficient. b) Centred envelope.

1996



result. Note though that a number of realisations remain out of the envelope. The uncertain parameter (σ in the
present case) is drawn from a normal law, centred on its nominal value. Then, the 1β envelope then correspond
to the 95% confidence interval and one could reach higher confidence values by computing the envelopes for
2β (as presented on the figures) or even 3β .
Similar tests were performed for other media and backing structures, leading to similar results, not reported here
for conciseness. Note that the tests are not performed at high frequency and that the film parameters ensure
that none of the assumptions are violated. A more thorough testing is require to fully validate the approach

3.2 Envelope annotation on experimental results
In the second test, three experimental measurements of the absorption coefficient of three samples of a multi-
layer system are used as an input. Using these, an average response is computed and an envelope annotated
from the statistical characterisation of the film. The parameters are recalled in Table 1 and from the associated
uncertainties, the envelope is generated for a variation of the airflow resistivity σ . Note that some discrepancies
are expected as only 3 traces of the full system and of the films are released (which clearly is not enough for
statistical meaningfulness).
As seen in the previous test, envelopes generated for 1β tend to let many traces out of the envelope. In this
second test and, which results are presented on Figure 4, the envelopes are generated for deviations of both 1β

and 2β .

500 1000 1500 2000 2500 3000 3500 4000
Frequency (Hz)

0.0

0.2

0.4

0.6

0.8

1.0

Ab
s. 

Co
ef

. 

a)

Experimental envelopes
Proposed method (1 )
Proposed method (2 )

500 1000 1500 2000 2500 3000 3500 4000
Frequency (Hz)

0.10

0.05

0.00

0.05

0.10

Ce
nt

re
d 

En
ve

lo
pe

 o
f A

bs
. C

oe
f. 

b)

Figure 4. Comparison between the envelopes annotated on experimental results (dotted and dashed lines), ex-
perimental traces (light lines) and empirical envelope (solid lines, average plus/minus standard deviation) under
normal incidence. a) Absorption coefficient. b) Centred envelope.

Several phenomena are seen on the figure. First, it is observed that, as for simulations, the 1β envelope fit
reasonably well the empirical envelope except around the resonances observed at 1500 Hz. The said resonance
being due to mechanical effects which are not accounted for in the equivalent fluid model used both for the
foam and film, it is not accurately represented in the envelope. Note though that, despite not formally ac-
counting for mechanical effects in the film, the annotation is based on the experimental traces and thus partly
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accounts for the resonance. On this side, using 2β as a deviation allows to better fit with the experimental
envelopes, as seen on Figure 4. This last remark illustrate the fact the the datasets are very scarce which makes
all statistical usage quite subject to deviation.

4 CONCLUSIONS
The method proposed in this contribution is a fast solution for generating envelope curves straight from the
parameters of the considered system or over experimental data. This so-called envelope annotation process
is fast and requires only little information about the system. The developments come at the cost of using a
equivalent fluid model for film placed upstream. This implies little to no information about mechanical effect
will be rendered. Extending the method this way would be of great interest.
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Double Reflections from corrugated surfaces 

Jorge PETROSINO1; Nicolás CASAIS DASSIE2; Damián Andrés FERNANDEZ2; Georgina LIZASO2 
1,2 Universidad Nacional de Lanús, Argentina 

ABSTRACT 
Reflections of acoustic waves from corrugated surfaces are discussed. A proposal made by Yi-Fan Zhu for a 
metasurface model considers that each groove on a corrugated surface is analogous to each individual source 
in a line array, where the phase difference between sources is determined by the depth of each groove. Zhu’s 
original proposal suggests using the phase gradient of the arrangement as a design parameter and derives 
conditions for reflections without dispersion. In this paper, we expose the advantages of considering the 
time-delay gradient instead of the phase gradient. Also, designs that combine two corrugated surfaces 
interspersed with different gradients to produce double reflection patterns are presented. The angles and 
delays of both reflections can be selected independently. 
 
Keywords: Dispersionless reflection; Acoustic metasurfaces; Reflection control. 

1. INTRODUCTION 
In the last few years, there is raising interest in the study of artificial structures with subwavelength 

characteristics which could enable wave manipulation features that could hardly be obtained with 
conventional materials. These structures are known as metamaterials and the possibility of obtaining 
practical solutions to acoustical problems applying these designs continues to increase . A 
metamaterial is a structure obtained by adding units with a particular design related to its geometry, 
orientation, and internal organization, which enables acoustical properties that are not present in 
materials found in nature (1). The term ‘metasurface’ is used to refer to a bi-dimensional metamaterial 
structure. 

In this article, an analysis of a particular kind of structure is presented as a possible link between 
classic theory and recently proposed designs. The work presented by Zhu et al. (2,3) is used as a 
reference, where the characteristics of a corrugated surface that enables dispersionless wavefront 
manipulation are analyzed. The original process requires taking the phase gradient as a parameter of 
design. This forces to choose a reference frequency for the calculations, even when the design is 
intended to achieve has no dispersion, so that it is independent of the frequency. The proposal 
presented here suggests that the design becomes even easier if you take the time delay gradient delays 
as a design parameter, instead of the phase gradient. On the other hand, it will be shown that the time 
delay gradient is not altered if we add a constant delay to the whole design, which allows selecting 
independently a specific reflection profile and an arbitrary delay of the reflected waves. In addition, it 
is proposed to combine two different profiles of reflection in the same design. This is accomplished by 
performing the calculations for each profile independently and alternating then the values of depth of 
grooves of each one of them. A proof-of-concept of this proposal is simulated using COMSOL 
Multiphysics. 

 

1.1 Wavefronts Emitted by a Linear Array. 
The proposal presented by Zhu begins with the well-known theory that describes the behavior of a 

linear array of n elements separated by a distance Δx. A cylindrical wavefront will be formed in the 
near field by a linear array with n number of sources radiating in phase, within a certain bandwidth, 
and in a direction that will be perpendicular to the array (this is, with a radiating angle of 0°). The 
lower cutoff frequency of the band is related to the total length of the array L=n.Δx, while the upper 
cutoff frequency depends on the distance Δx between sources.  
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Constant phase delays between adjacent sources will result in a wavefront with radiating angle θ 
(Figure 1), which is related to the distance Δr among the source B and a point A' with the same phase 
as the adjacent source A, as shown in Eq. (1). 
 

 
(1) 

 
 

 
Figure 1 – A linear array of sources with constant phase difference will radiate a wavefront with angle θ. 

 
Points labeled with A’ and A in Figure 1 are in phase if B is ahead of A by a value of Δɸ. For a given 

wavelength, the relationship between the parameters is expressed by Eq. (2). 
 

 
(2) 

 
 
Considering a continuous arrangement of sources, Δɸ /Δx turns into dɸ /dx, this is the phase 

gradient of the array. Eq. (2) allows analyzing the necessary conditions for the angle of emission θ to 
be non-dispersive (that is, to be independent of the frequency). As the argument of the arcsine depends 
explicitly on the wavelength it is necessary that the gradient of phase dɸ/dx be inversely proportional 
to λ. 

1.2 Wavefront reflected by a corrugated surface 
Figure 2 shows a corrugated surface formed by a set of rectangular grooves of different depths. A 

plane wave incident will face each open inlet of the grooves; propagate along its length and return to be 
emitted by the open outlet with a change on its phase. The phase shift derives from the difference in the 
wave path which will result in a phase-gradient inversely proportional to λ, satisfying the condition 
indicated by Zhu to ensure dispersion-less reflection. 

 

 
Figure 2 – Corrugated surface. (a) section drawing, (b) samples of 3D printed surfaces 

 
 
The lower cutoff frequency of the bandwidth will be related to the total length of the array (in the 

x-direction of Figure 2b), and its upper frequency with the gap between grooves (Δx). 
Given a groove depth Δh, the necessary time to travel through it with propagation velocity c is 

shown in Eq. (3), and the phase change in Eq. (4), where c stands for the propagation velocity.  
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(4) 
 

Replacing equation (4) in Eq. (2) cancels the factor λ/2π. Eq. (5) relates the depth gradient of the 
grooves Δh/Δx with the reflection angle without dispersion.  

 
(5) 

 
 

 
 

Figure 3 – Reflection angle comparison on a corrugated surface and a plane surface 
Figure 3a shows the reflection angle θ produced by a corrugated surface. The reflected angle is 

equal to arcsin(2.tan(α)), because α = tan(Δh/Δx). On the plane surface (Figure 3b), reflected angle is 
equal to twice the angle α. Figure 4 shows a simulation of surfaces reflecting a plane wave, both with 
the same value of α. 

 
Figure 4 – Wave reflection simulation on a corrugated surface and a plane surface 

2. DESIGN OF A SPECIFIC PROFILE 
 In the previous descriptions, it has been assumed a constant value Δh/Δx between adjacent 

grooves. In general, the non-dispersive condition can be satisfied by deriving the Eq. (4) for a 
continuous case in which the groove depth profile h depends on x (Eq. 6).  

(6) 
 
 

By integration, Eq. (7) is obtained which allows the design of a specific profile h(x) from the 
desired phase gradient.  
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The Eq. (7) expresses in general terms the proposal of Zhu. This process starts by selecting a 
reference frequency f0 to determine λ, and hence the depth profile h(x). 

There is an alternative that does not require using a reference frequency f0 for the design expressing 
the phase gradient dh/dx in terms of time-delay gradient dτ/dx (Eq. 8), to obtain Eq. (9) 

 
(8) 

 
 
 

(9) 
 

Eq. (9) derives the groove-depth profile h(x) from the time-delay of the array τ(x). In practice, the 
constant of integration C corresponds to a parallel displacement of the entire depth profile h(x) and it 
results in a constant time delay for all elements of the array. This delay can be controlled independently 
from the previously selected reflection angle. Figure 5 shows simulations of profiles with the same 
angle of reflection and different delays. 

 

 
Figure 5 – Different delays in corrugated surfaces 

3. DOUBLE REFLECTION PROFILES 
A surface with double reflection can be obtained with two depth profiles h1(x) and h2(x), with 

alternating values for the depth of each slit, by distributing, for example, to the odds slits the profile 
h1(x) and to the evens h2(x). On the basis of what has been discussed in the previous section, different 
delays for each reflection can be selected. Each of the reflections will be generated by sets of slots (odd 
or even) that are spaced further apart, so the maximum frequency limit, which depends on the 
separation between the slits, will be lower. Figure 6 shows a simulation of a profile designed to have a 
double reflection (one matches to θ1 = 45° and the other to θ2 = 0°). 

 

 
Figure 6 – First two reflections of plane wave on a corrugated surface 
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A double-reflection design generates, in fact, multiple sets of reflections in sequence due to the 
interaction between adjacent slots. Each wavefront reflected by the set of slots of orde r even 
(corresponding to θ2 = 0° in the example of Figure 6) will cause new pressure variations in the inputs 
of the adjacent slots odd-numbered. This will cause extra waves crossing odd slots, and drive to a 
further reflection with a new time delay, as shown in Figure 7. 

 

 
Figure 7 – Later reflections (reverberant tail) generated by a corrugated surface 

4. CONCLUSIONS 
The proposal of Zhu et al. allows for the design of corrugated surfaces to achieve reflection without 

dispersion in a controlled manner within a range of frequencies from knowing the gradient of the phase 
desired. The proposal presented here replaces the phase gradient for a time-delay gradient, which 
avoids the selection of a reference frequency. On the other hand, it is possible to select a time delay of 
the reflected pattern in an independent way of the angle of reflection, simply by shifting horizontally 
the depth profile of the grooves. The preliminary simulations carried out test the behavior of surfaces 
with a double reflection pattern, which in turn causes that the reflections do not become extinct 
immediately, but have an exponential decay. Such profiles with double reflection and with exponential 
decay of reflections may have interesting applications in room acoustics. Currently, the authors are 
developing physical models of such profiles in order to complement the study of these profiles with 
experimental measurements. 
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Finite element analysis on the surface characteristics of acoustic resonators
with thermal and viscous boundary layers

Naohisa INOUE∗, Tetsuya SAKUMA

Graduate School of Frontier Sciences, The University of Tokyo, Japan

Abstract
The thermal and viscous boundary layers (TVBL) around a resonator’s neck play important roles in the absorp-
tion, particularly when there is no porous material near the neck. This paper presents a simple implementation
of a TVBL boundary condition for the three-dimensional finite element analysis of Helmholtz equation. The
implementation is verified by comparing normal incidence absorption coefficients calculated and measured for
slit-type resonators. Good agreement can be observed under the appropriate calculation setting. Subsequently, a
detailed investigation is conducted on surface impedances of Helmholtz resonators composed of circular holes
and square baffles. Numerical values are compared with analytical values based on the classical models such as
Maa, Allard–Ingard and so on. It is demonstrated that the presented method convincingly captures the surface
impedance on an acoustic resonator unless the TVBL thicknesses are much larger than the perforation diameter.
Keywords: Viscous and thermal boundary layer, Finite element method, Helmholtz resonator

1 INTRODUCTION
Predicting the absorption performance of resonators is of great interest for noise control engineers. The

thermal and viscous boundary layers (TVBL) around a resonator’s neck play important roles in the absorption,
particularly when there is no porous material near the neck. Several papers have been dedicated to the numer-
ical prediction of resonator’s absorption performance. The recently proposed approaches have been based on
computational fluid dynamics [1] or the viscothermal acoustic elements [2]. Accordingly, relatively high compu-
tation and implementation costs are required. This paper concerns another simple approach that is based on the
equivalent boundary condition of TVBL in the conventional Helmholtz equation [3, 4]. Despite its effectiveness,
the details of the implementation have not been presented, especially where giving the TVBL boundary condi-
tion. Furthermore, to the authors’ best knowledge, three-dimensional analysis has not been performed yet. This
may be caused by the apparent difficulty of evaluating the tangential Lhaplacian term for the viscous effect on
the boundary.

This paper presents the finite element implementation of the TVBL boundary condition for three-dimensional
frequency-domain problems. This implementation is applied to analyze the absorption characteristics of slit-type
and Helmholtz resonators, and the appropriate calculation setting is clarified.

2 FINITE ELEMENT IMPLEMENTATION
2.1 TVBL Boundary Condition

The time convention is e jωt throughout this paper. The boundary condition taking the effect of thermal and
viscous boundary layers into account is given in [5] as

∂ p
∂n

=− jωρ0

[
1
Zn

+(1+ j)
(

Rt

ρ2
0 c2

0
− Rv

ρ2
0 ω2 ∇2

tan

)]
p (1)

where p,ρ0,c0, and Zn are the sound pressure, air density, sound speed, and normal-incidence surface impedance,
respectively. ∇2

tan is the Laplacian operator in the tangential plane of the boundary and ∂/∂n is the normal
∗inoue@env-acoust.k.u-tokyo.ac.jp

2005



derivative to the plane. Rt and Rv are the thermal and viscous resistances, which are related to the thicknesses
of the thermal and viscous boundary layers, δ ′ and δ , as follows:

Rt =
1
2

ρ0ω(γ −1)δ ′, δ ′ =

√
2µ

ρ0ωNpr
and Rv =

1
2

ρ0ωδ , δ =

√
2µ

ρ0ω
, (2)

where γ,µ , and Npr are the heat capacity ratio, viscous coefficient, and Prandtl number of the air, respectively.
Note that several signs in the above are modified from those in [5] owing to the time convention e jωt . To
simplify Eq. (1), it is rewritten as

∂ p
∂n

=− jkβ p− ( jω)3/2cT p− ( jω)−1/2cV∇2
tan p (3)

where β is the normalized admittance and the frequency-independent coefficients, cT and cV, are defined as

cT =
γ −1

c2
0

√
µ

ρ0Npr
and cV =

√
µ
ρ0

. (4)

Obviously, the TVBL boundary condition involves a fractional derivative in the time domain expression, which
makes it difficult to use in time domain analysis. On the other hand, this paper focuses on the treatment of the
boundary condition in frequency domain analysis.

2.2 Weak Formulation of the Helmholtz Equation
The weak form of the Helmholtz equation, ∇2 p+ k2 p = 0, is given as∫

Ω
∇δ p ·∇pdV − k2

∫
Ω

δ p · pdV −
∫

Γ
δ p

∂ p
∂n

dS = 0, (5)

where δ p is the admissible variation and ∇ is the nabla operator. Substituting Eq. (2) into Eq. (3), the
following equation is obtained:∫

Ω
∇δ p ·∇pdV − k2

∫
Ω

δ p · pdV + jkβ
∫

Γ
δ p · pdS+( jω)3/2cT

∫
Γ

δ p · pdS+( jω)−1/2
∫

Γ
δ p ·∇2

tan pdS = 0. (6)

The main difficulty of the implementation is to evaluate the fifth boundary integral term. Although the
interpolation function must be differentiable twice or more to evaluate the term directly, this requirement can
be reduced by applying Green’s first identity in two-dimensions as follows:∫

Γ
δ p ·∇2

tan pdS =−
∫

Γ
∇tanδ p ·∇tan pdS+

∫
∂Γ

δ p · (∇tan p ·nc)dC (7)

where ∇tan is the gradient operator in the tangential plane and nc is the outward normal vector to the contour
of the boundary surface. Accordingly, the energy dissipation along the contour should be evaluated in the latter
term, which makes the global system matrix asymmetric.

2.3 Evaluation of the Tangential Gradient Term
This section presents an algorithm to evaluate the tangential gradient term in the generalized curvilinear

local coordinate set in the boundary elements. In the first, let us consider the local coordinate (ξ ,η) that
is usually set for the numerical integration in the finite element method. Then the global coordinate values
in an element are interpolated with the shape functions Ni(ξ ,η) and the nodal coordinate values (xi,yi,zi) as
x = ∑i Ni(ξ ,η)xi and so on. The covariant basis vectors of the tangential plane, eξ and eη , are given as follows.

eξ (ξ ,η) =
∂x(ξ ,η)

∂ξ
ex +

∂y(ξ ,η)

∂ξ
ey +

∂ z(ξ ,η)

∂ξ
ez, eη(ξ ,η) =

∂x(ξ ,η)

∂η
ex +

∂y(ξ ,η)

∂η
ey +

∂ z(ξ ,η)

∂η
ez (8)
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where ex,ey,ez are the unit basis vector of the global Cartesian coordinate. On the other hand, the contravariant
basis vectors of the tangential plane, eξ and eη , are given as follows:

eξ =
eη × eζ

eξ · (eη × eζ )
, eη =

eζ × eξ

eη · (eζ × eξ )
. (9)

where eζ is the normal vector to the tangential plane defined as eζ = eξ × eη . The tangential gradient vectors
in Eq.(4) can be expressed by using the terms of the general curvilinear local coordinate as follows.

∇tanδ p =
∂δ p
∂ξ

eξ +
∂δ p
∂η

eη , ∇tan p =
∂ p
∂ξ

eξ +
∂ p
∂η

eη (10)

Finally, the first term of Eq.(4) can be rewritten as∫
Γ

∇tanδ p ·∇tan pdS =
∫

η

∫
ξ

[
∂δ p
∂ξ

∂ p
∂ξ

eξ · eξ +

(
∂δ p
∂ξ

∂ p
∂η

+
∂δ p
∂η

∂ p
∂ξ

)
eξ · eη +

∂δ p
∂η

∂ p
∂η

eη · eη
]
|J|dξ dη (11)

where |J| is the Jacobian at each point in an element and defined as |J| = |eξ × eη |. The integrand in Eq.(11)
can be easily evaluated at the gauss quadrature points. Furthermore, the second term of Eq.(4) can be rewritten
as ∫

∂Γ
δ p · (∇tan p ·nc)dS =

∫
ξ (,η)

δ p
(

∂ p
∂ξ

eξ ·nc +
∂ p
∂η

eη ·nc

)
|J|dξ (,dη). (12)

This contour integral should be calculated for surface elements adjacent to ∂Γ.

3 PREDICTION OF THE NORMAL-INCIDENCE ABSORPTION COEFFICIENT
3.1 Slit-type Resonators

In [3], the TVBL boundary condition was implemented in the two-dimensional boundary element method
(BEM), where the term of ∇2

tan p was directly evaluated using the finite differences of sound pressures between
neighboring elements. This implementation was applied to estimate the normal-incidence absorption coefficients
of slit-type resonators, and the results were confirmed to be in good agreement with measured values. In this
section, to clarify the appropriate setting of the implementation, slit-type resonators are examined by the three-
dimensional finite element method (FEM), and the results are compared with BEM results and the measured
values in [3].
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Figure 1. Horizontal geometry of the duct with a slit-type resonator.
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In the FEM analysis, a 100-mm-square duct with a slit-type resonator is modeled, where all surfaces are
as-sumed to be rigid (β = 0). Figure 1 shows the horizontal geometry of the model and the notation of the
boundaries. These conditions correspond to those of the measurement in [3]. As a broad setting, the TVBL
boundary condition is given to the end surface of the duct (ΓD), the front surface of the cavity (ΓC), and
the side, upper, and bottom surfaces of the slit neck (ΓN). On the contours of ΓD and ΓC, ∇tan p · nc is zero
except along the edges of the neck. Thus, contour integrals are evaluated along the edges (∂ΓD,∂ΓC,and∂ΓN).
Second-order prism and hexahedral elements are used, and a fine mesh is applied as illustrated later in Fig.
4(a). The normal-incidence absorption coefficients are calculated by the transfer function method at 1/24-octave
band center frequencies [6].

Figure 2 shows the calculated and measured results for four slit-type resonators with different combinations
of the width and depth of the neck. The FEM results are given for three different settings, and the BEM and
measured results are cited from [3]. The FEM results with the above broad TVBL setting are represented by
red lines. The calculated values for the 4-mm-width slit correspond relatively well with the BEM and measured
ones, whereas those for the 2-mm-width slit are slightly larger than the others. Nevertheless, this TVBL setting
for the FEM seems reasonably reliable.

Next, a narrow TVBL setting only in the neck (ΓN) is examined. As can be seen from the results rep-
resented by blue lines, the calculated values are considerably greater than those with the broad setting. This
overestimation of the absorption coefficient may be caused by intensification of the edge potential around the
openings of the neck due to the lack of a tangential drag force on ΓD and ΓC.

Therefore, it is suggested that the TVBL boundary condition should be given to two surfaces along an edge.
If the asymmetric contour integral term for edges, Ic, can be neglected, the calculation becomes more efficient.
However, the absorption coefficients calculated without Ic, represented with green lines, are lower than the red
lines. This demonstrates that the energy dissipation at edges around a resonator’s neck must be considered to
predict the absorption coefficient accurately.

In the above calculation, fine meshes were used because the acoustic field around the neck is expected to
change sharply. Figure 3 shows the results calculated with the fine and coarse meshes illustrated in Fig. 4.
As a fixed condition, two hexahedral elements are generated in the direction of the slit width. The maximum
lengths around the neck are 2 and 10 mm for fine and coarse meshes, respectively. It can be seen that the
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Figure 5. Normal-incidence absorption coefficients calculated for two Helmholtz resonators with different sizes,
Types (a) and (b).

results for the coarse mesh are slightly greater than those for the fine mesh, but the difference is not significant
when predicting the absorption coefficient.

3.2 Helmholtz Resonators
As a typical example of three-dimensional resonators, Helmholtz resonators are analyzed under a similar setting
to that in the previous section, where the cross sections of the cavity and duct are identical and square. In the
FEM calculation, the TVBL boundary condition is given to the front and back surfaces of the perforated baffle
and the cylindrical surface of the neck. The normalized admittance β is assumed to be zero for all surfaces.
The FEM results are compared with the existing theoretical models of Atalla and Sgard [7] and Maa [8]. The
resistance and inertial correction terms are approximately derived for periodic resonators in the Atalla—Sgard
model and for a single resonator in the Maa model. Note that the resistance correction of the Maa model is
based on [7].

Figure 5 shows the calculated results for two resonators with different sizes. It can be seen that all the theo-
retical and FEM results are relatively correlated but slightly different in terms of the peak value and frequency.
The sound field in the duct is equivalent to the normal-incidence field over the periodic resonators. However, the
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FEM results are closer to the Atalla-–Sgard model for Type (a) but closer to the Maa model for Type (b). This
inconsistency implies that the interactive motion of the neck and cavity considerably affects the resistance and
inertance corrections for the neck’s impedance. From this viewpoint, the FEM may be advantageous because
the effects of the interaction are automatically incorporated.

4 PREDICTION OF THE SURFACE IMPEDANCES
This section discusses the surface impedance of Helmholtz resonators in more detail in order to clarify the
applicable condition of the TVBL boundary condition. In this study, Maa model is employed as the theoretical
reference. The analytical effective density for the cylindrical pore, ρ ′, shows the low- and high-frequency
asymptotic behaviors as follows.

ρ ′ = ρ0

[
1−

2
s
√
− j

J1(s
√
− j

J0(s
√
− j

]−1

≃


4
3
ρ0 +

1
jω

8η
r2 , for ω <

18η
ρ0r2 = ωL (13)

ρ0 +
1
r

√
2ρ0η

ω
(1− j), for ω >

32η
ρ0r2 = ωH (14)

4.1 Numerical Models of Helmholtz Resonators
Figure 6 shows the numerical models for calculating the surface impedance by transfer function method. The

cross-section of the tube is the square with D mm side. The perforation is placed in the center of the square.
In order to better understanging, two neck models of Helmholtz resonators are employed: in model A, ρ ′ is
given as the air density inside the resonator neck, whereas in model B, ρ0 is given and the TVBL boundary
condition is given to the peripheral surface of the neck. The TVBL boundary condition is give to the baffle
surfaces in both models. For the sake of completeness, the sound pressures averaged over the cross-section are
used for the transfer function method to exclude any scattered oblique waves.

The calculation was excuted at 1/3 octave band center frequencies with the following parameters. Hole
radius is set to 0.25, 0.5, 1.0 and 2.0 mm. Two combinations of neck length, L mm, and hole pitch, D mm,
are set: (a)(L,D) = (1,10) and (b)(L,D) = (4,20).

4.2 Results and Discussions
Figure 7 shows the surface resistance, reactance and the absorption coefficient under the normal incidence

condition. As a general tendency of the resistance, model A below ωL and model B above ωH show good
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Figure 6. Calculation settings of the surface impedances. VBC stands for viscous boundary layer boundary
condition.
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Figure 7. Normalized absolute surface resistance and reactance and normal-incidence absorption coefficient
calculated for different combinations of neck length(L), neck radius(r) and hole pitch(D). Circle markers denote
that the value was negative. Star markers denote the lower limit of surface resistance (8ηLD2/πr4). Solid and
chain lines are for model A and B, respectively.

correlation with the theoretical reference. The resistance of model A becomes lower than the theoretical ref-
erence in entire frequency range above ωL. On the other hand, model B does not capture the low-frequency
asymptotic behavior. Regarding the reactance, in particular for r = 0.25 mm, the model B does not reflect the
apparent increase of the mass-reactance indicated as the factor 4/3 of Eq.(13), which causes the shift of the
absorption peak. These tendencies demonstrate that the reliability of the TVBL boundary condition becomes
lower below ωL for the cylindrical pores. Besides, the resistances determined by the numerical calculations
become negative in the high frequencies in several cases. A cause of this unpreferable behavior may be due to
the approximation in the derivation of the TVBL boundary condition. This point should be investigated more
carefully in future work.

5 CONCLUSION
This paper presented and verified the finite element modeling of acoustic resonators with thermal and vis-

cous boundary layers. It was confirmed that the TVBL boundary condition should be given not only to the
side surfaces in the resonator’s neck but also to the front and back surfaces of the perforated baffles. Fur-
thermore, the energy dissipation at the neck’s edges was not negligible. Thus, an asymmetric matrix equation
should be solved. Numerical methods are advantageous for predicting the absorption performance of resonators
not only because of their capability of handling resonators with complex shapes, but also because the resis-
tance and reactance corrections are automatically incorporated, reflecting the acoustic field around the neck.
However, it should be emphasized that the TVBL boundary condition should be applied with great care for
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some frequency ranges. In the low frequencies, the TVBL boundary condition cannot express the low-frequency
asymptotic behavior of the effective density in the pores. On the other hand, in the high frequencies, the TVBL
boundary condition employed in this paper may involve some erroneous approximation in its derivation, which
cause physically unreasonable behavior in the surface resistance. In future work, the presented results should be
verified by comparison with those of more exact methods such as those in [1, 2].
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ABSTRACT
The Acoustics Group has collaborated with a leading UK conservatoire since the enforcement of the Control 
of Noise at Work Regulation in 2008. Every new student has attended an awareness course on the sound of 
performance and hearing, undertaken hearing health surveillance and has been questioned as to their aural 
history. In addition, the sound of performance, in terms of individual practice, rehearsal and performance has 
been measured for all types of instruments. This dataset has been analysed to determine the hearing acuity of 
classical musicians and their occupational sound exposure. A paper will be presented on this analysis which 
suggests that self produced music has much less impact on hearing than typical noise exposure, as given in 
ISO 1999:2013.

Keywords: Sound exposure, music, audiometry

1. INTRODUCTION
Since the implementation and enforcement of the European Union Physical Agents Directive 

(Noise) [1] the Acoustics Group has collaborated with a conservatoire creating a noise team formed 
from administrators, scientists, and senior management [2-9]. Our challenge was to allow these highly 
talented artists to practice, rehearse, and perform safely during their entire career. This on-going 
project has been running for twelve years involving 3935 musicians measuring sound exposure from 
each instrument group and the hearing acuity of each and every student. Of the original population a 
total of 229 students were sampled to be retested to assess their hearing acuity after they had 
completed their four years of studies. At each occurrence the students were questioned as to their aural 
environment. Presented is a comparison of their hearing acuity and measured sound exposure dose.

2. APPROACH TO HEALTH SCREENING
The conservatoire took an inclusive view whereby every new student had to compulsorily take an 

automated audiometric screening test during the first week of his or her studies, Fresher’s week. The retest 
takes place at the beginning of their last term, so as not to interfere with final examinations. In addition, a 
one-to-one interview was held with each student, as well as an otoscopic examination and feedback on the 
health surveillance results.

The test was based on a pure-tone air conduction Bekesy test (frequencies 500 Hz to 8 kHz), using 
calibrated Amplivox automated screening audiometers with TDH49 audiocups. The test was conducted in 
the audiometric soundproof booths at the Acoustic Laboratory of London South Bank University (LSBU); 
see Figure 1. Both booths used met the ambient noise criteria given in ISO 8253-1:2010 [10]. Once the test 
and questionnaire were completed, each audiogram was categorised according to the Health and Safety 
Executive (HSE) categorisation scheme [11]. Students photograph a copy of their audiogram with the 
original held by the conservatoire. Results were discussed individually with each student and advice has 
been given on protection from sound exposure, including advice on most suitable hearing protection option 
based on the instrument played. It should be noted that every student since 2016 has been given a pair of 

1 dances@lsbu.ac.uk
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Happy Ear Musician Earplugs, SNR=25 dB [12]. The dosimetry presented was undertaken in 2010/11.
 

 

 

 

 

 

 

Figure 1: Audiometric booth showing response button and Audiocup TH49 headphones Copyright 
Stephen Dance 2014.

Table 1:Health and Safety Executive hearing categorisation scheme [11].
Category Calculation (dBHL) Action
1 ACCEPTABLE HEARING ABILITY
Hearing within normal limits

Sum of hearing levels at 1, 2, 3, 4 and 6 kHz. None

2 MILD HEARING IMPAIRMENT
Hearing within 20th percentile. May 
indicate developing NIHL [ISO 1999].

Sum of hearing levels at 1, 2, 3, 4 and 6 kHz. 
Compare value with figures given for 
appropriate age band and gender.

Warning

3 POOR HEARING
Hearing within 5th percentile. Suggests 
significant NIHL. [ISO 1999]

Sum of hearing levels at 1, 2, 3, 4 and 6 kHz. 
Compare value with figures given for 
appropriate age band and gender.

Referral

4. UNILATERAL HEARING LOSS Difference in the sum of hearing levels at 
1,2,3,4 kHz of each ear > 40 dBHL

Referral

5 RAPID HEARING LOSS
Reduction in hearing level of 30 dB or 
more, within 3 years or less. Such a change 
could be due to noise exposure or disease.

Sum of hearing levels at 1, 2, 3, 4 and 6 kHz. Referral

6. EARLY SIGNS OF LOSS Hearing loss of at least 20 dB at any frequency Caution

For hearing acuity to be categorised as good hearing the summed hearing loss (dBHL) for each ear 
should be less than 50 for men and 45 for girl assuming they are 18-25 years old [11]. This is the age range 
for the students in this investigation.

3. NOISE DOSIMETRY

3.1 Standards and Guidance
The Noise at Work Regulations 2005 [11] following the EU Directive 2003 [1] sets the following levels 

for noise exposure of an employee. Of course students are not employees but were considered so for the 
research project.

Table 2 Exposure limit values and Exposure action values set by the Noise at Work Regulations 2005 [11]

First action level (lower 
exposure action value) LEP,8h = 80 dB(A) Lpeak = 135 dB(C)

Second action level (upper 
exposure action value LEP,8h = 85 dB(A) Lpeak = 137 dB(C)

Exposure limit values LEP,8h = 87 dB(A) Lpeak = 140 dB(C)

Noise monitoring is considered an essential part of a risk assessment for classical musicians in 
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orchestras, music schools, etc. By carrying out on-site noise measurements (although in some cases these 
may not be necessary), the extent of a noise exposure problem can be established. Specifically, noise 
monitoring can identify the ‘problematic areas’ within a venue or music school, or individuals that are 
likely to be overexposed. A plan can then be tailored using various types of noise control measures to 
mitigate the exposure of the musicians without compromising the quality of performance [13].

British Standard BS9612:2009 [14] provides an approach to the determination of occupational noise 
exposure from noise level measurements. Although it analyzes all major steps that should be taken during 
the assessment procedure, it is a general guidance, which is not specifically related to musicians. As this 
particular assessment requires different strategies and decisions to be made for each music sector, music 
repertoire, venue, etc., two documents have been prepared that help and guide employers to carry out their 
own measurements while at the same time, a common approach by all institutions, could lead to a large 
database on noise exposure of musicians. These two documents are ‘Sound Advice: Control of noise in 
music and entertainment’ [15] and ‘A Sound Ear II. The Control of Noise at Work Regulations 2005 and 
their impact on orchestras’ [16]. Both these documents inform on dangers associated with musicians’ noise
exposure and give guidance on how to assess and control/reduce noise exposure. These have been
complimented by Toolkits produced by the BBC for Musicians [17] and for Managers [18].

3.2 Dosimetry
The project consisted of assessing the musicians’ diaries to evaluate their noise exposure during typical 

activities. Various assumptions were necessary for the effective playing time to be calculated. The students’ 
diaries were assessed activity-by-activity in order to obtain a daily personal noise exposure dosage based on 
the Health and Safety Executive (HSE) guidelines using a “% points” system for each activity. The students 
provided the following information: music piece performed, rehearsed or practiced, number of 
people/instruments playing and the room used. Thus it was representative of typical practice or teaching for 
a particular instrument or voice. The measurements were taken using five dosimeters, CR 110A, all were 
calibrated before and after each measurement.

The project covered 49 principal instruments, unfortunately only 20 were returned by the students. Of 
these only 18 were retested during their studies: 5 Brass, 2 Jazz, 3 Woodwind, 1 Keyboard, 4 Strings, 2 Voice, 
1 Percussion, see Figure 2.

Figure 2. Noise exposure dose of 15 musicians taken during a typical day at the Royal Academy

The calculated noise exposure dose values were found to be above the legal limits [11] in nearly all
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cases. Therefore, it was initially recommended that the conservatoire implement a noise risk mitigation 
strategy and offer all students free musician earplugs. By combining the instruments into groups an overall 
noise exposure per orchestral section can be calculated, see Table 3. For completeness, Table 3 also showed 
the typical hours played by each instrument group based on the questionnaire responses.

Table 3 Noise Dose (%) per Instrument Group

Brass Jazz Voice Percussion Woodwind Strings Piano
Noise Dose (%) 1760 1800 1100 700 590 445 150
Daily Playing (hours) 4.0 2.9 2.5 5.3 4.4 5.0 4.9

The daily dose received results were as expected, the highest values were found for the Brass, Vocalist 
and Jazz sections which corresponded with the highest average noise levels [19-21]. We know from the 
questionnaire results that the musicians typically play between 2.5 and 5.3 hours per day dependent on 
instrument group although the Noise Dose are based on LEP,D derived numbers based on an 8 hour day.

4. AUDIOMETRY DATA
Approximately 30 students are randomly sampled each year and retested at the end of their course.

Based on the questionnaire results the average age on entry was 19.1 years and for the retest, 22.6 years. 
Exit audiometry was undertaken on 229 students, 2011-2018, these have also been grouped into sections to 
give statistical significant numbers, see Table 4.

Table 4. Instrument Groups with years studied, number retested, entry and exit summed hearing loss per ear and 
change in hearing (dBHL)

Years 
Studied

Number 
Retested

Entry 
Left
(dBHL)

Entry 
Right 
(dBHL)

Exit 
Left
(dBHL)

Exit 
Right
(dBHL)

Change 
Left
(dBHL)

Change 
Right
(dBHL)

Averaged 
Change in 
Hearing
(dBHL)

Brass 12.3 47 7.86 8.07 6.4 1 1.46 7.07 4.265
Jazz 9.9 19 3.11 -12.25 -5.9 -7.09 9.01 -5.16 1.925
Percussion 13.2 12 4.25 2.58 -8.08 -5.09 12.33 7.67 10
Piano 19.2 32 9.14 3.52 -1.73 -6.28 10.87 9.8 10.335
Strings 13.4 56 -2.73 -2.8 -6 -11.64 3.27 8.84 6.055
Voice 13.7 12 6.06 7.56 -2.27 -8.64 8.33 16.2 12.265
Woodwind 12.3 51 1.8 -4.78 -6 -2.85 7.8 -1.93 2.935

From the dataset it can be seen from Table 4 that Pianists have played the longest time and the Jazz 
players the shortest, the other instrument groups have played for a similar length of time, 13 years. There 
were four instrument groups with a significant number of participates, (Brass, Piano, Strings and 
Woodwind) and these will be further analysed, n>30. All audiometry data presented in Table 4 uses the 
summed hearing losses, 1, 2, 3, 4 and 6 kHz per ear in accordance with HSE guidance [11] except for the 
final column, Averaged Change in Hearing, which combines the results for each ear.

For each group the students’ entry averaged summed hearing loss was compared to the exit result. A
positive result in the Change column meaning the group’s hearing had improved on average. It can be seen 
from Table 4 that after 3.5 years of playing at the conservatoire all groups had an overall improvement in 
their hearing acuity, ranging from 1 to 12 dBHL for the left ear. For the right ear there were only two 
exceptions: the right ear of the Jazz group, a 5 dBHL loss and the right ear of the Woodwind Group, a 2 
dBHL overall loss. It should be noted that only 19 musicians were included in the Jazz group. 

5. ANALYSIS OF THE NOISE DOSE AND AUDIOMETRY DATA
The hearing dataset can now be compared to the noise dosimetry collected on students to see if there is 

a relationship between music and hearing. There is a known relationship between noise and hearing given 
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in ISO 1999:2013 [22].

5.1 Initial Music Dose Hearing Loss Model for Classical Music Students
If only the groups with n>30 are included in the analysis and the music dose is converted into (LEP, d) 

then the music and hearing relation can be seen, see Figure 3.

Figure 3. Relationship between music dose and hearing for 4 instrument group, 3.5 years of study

Figure 3 show a clear relation between hearing and music exposure creating a hearing loss model for 
musicians, approximately 2dBHL less gain for every 2 dB increase in daily sound exposure level, LEP,d..
However, instead of hearing loss the data clearly shows a hearing gain after 3.5 years of intensive study. 
The least gain was for the woodwind rather than the louder brass which indicates that in an orchestral 
setting, where for symphonic music they sit in front of the brass, the woodwind would be a greater risk. 
This would generate a hypothesis that in a pit setting the strings would be at greater risk of hearing damage
[23]. These results are in contrast to the positive result presented in ISO 1999:2013 for noise exposure 
levels and hearing loss [22].

5.2 Verification of the Music Dose Hearing Loss Model for Classical Music Students
To test the hearing loss model the next largest instrument group, Jazz n=19, was added to the dataset 

producing Figure 4.
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Figure 4. Relationship between music dose and hearing for 5 instrument groups, 3.5 years of study

When the Jazz group hearing loss data was added to the hearing model, see Figure 4, the fit was within 
1 dB for the sound exposure level, LEP,d prediction. Of course this prediction model would improve when 
more musicians have been retested; this would allow the other two instrument groups to become 
statistically significant. It could also be improved by adding professional orchestral musicians to the 
dataset.

5.3 A Potential New Music Exposure Level
The noise exposure of the students was excessively high, see Table 3, and yet their hearing was found to 

be highly acute, see Table 4. It was found that 5 out of 14 of the grouped ears had a negative hearing loss,
or hearing gain. This was investigated in depth in [2]. This would indicate that the current noise exposure 
limits, see Table 2, may not be appropriate for self produced music exposure. It was shown in Table 4 that 
the students have been exposed for more than 13 years to their instrument, a long term exposure, yet there 
is no associated noise induced hearing, Table 4.

It could then be hypothesized that a new limit could be introduced called The Music Exposure Limit. 
The origins of the noise exposure limits come from six studies, 1968-1973, on industrial workers. These 
datasets were then used to inform the regulations [11]. These industrial workers would have had a stress 
response to the noise, the noise being a by-product of the work undertaken. In contrast self produced music 
is the point of the work and hence should have a different response. However, it has been found that under 
orchestral or pit conditions the players have an 80% response to the question, “Have you suffered hearing 
loss” based on 367 respondents [24]. This demonstrates that potentially noise is non-controlled 
self-produced music, and as such should keep the same noise exposure limit value of LEP, d of 85 dBA. The 
opposite view, Music is Noise, has recently been put forward by Chasin [25] although he did not put 
forward evidence and all literature referenced was sensorineural in nature with no reference to music as the 
sound source.

Based on the dataset collected a LEP,d of 95 dBA could replace the current 85 dBA limit with a 3 dB 
exchange rate. If the sound exposure levels recorded were reanalyzed with the new limit would reduce the 
music dose ten-fold. This music dose concept will need further evidence along the same lines as ISO 1999.
This assumes that the musician was largely exposed to their own music or a similar music section; as is the 
case at a conservatoire. Thus the context of the sound is key. For orchestral and pit settings if the musician 
is not the primary sound source then the 85 dBA limit should be applied. This is further evidenced by the 
hearing results of Piano Accompanists, n=70, compared to the Pianists, n=302 [2]. It was found that
accompanists had an additional 3 dBHL of Permanent Threshold Shift at 6 kHz for the right ear. This was 
due to vocalists singing at 1100% noise dose into the accompanists’ right ear over a 2-year period [3].

6. CONCLUSIONS
A leading UK conservatoire has actively pursued hearing health surveillance over the past 12 years 
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testing 3935 students all at the commencement of their studies. A sample of 229 students was retested 
at the end of their studies, 3.5 years later. These students’ audiograms were combined into 7 instrument 
groups. It was found that on average each instrument groups’ participates had improved hearing, 2 to 
12 dBHL overall as averaged for both ears over 1 to 6 kHz. 

At the same time dosimetry was undertaken on 49 students of which 18 performers completed their 
dose diaries; the results showed that 17 out of 18 musicians had excessive noise exposure, 150% to 
2900% on a daily basis. It was also found that musician play, rehearsal and perform 2.5-5.3 hours a day 
dependent upon instrument.

The hearing of the students was then combined into 7 instrument groups, although only 4
instrument groups had n>30 and these were compared to the recorded instrument group sound dose.
This analysis showed a very clear trend, for every 2 dBA increase in LEP,d there was a reduction in the 
improvement in summed hearing (1 to 6 kHz) of 2 dBHL. It should be noted that according to ISO 
1999:2013 hearing should deteriorate with excessive noise exposure. The model was verified by 
testing the Jazz group where the music exposure prediction was within 1 dB of that predicted based on 
the audiometry group results based on 19 participates.

Further work would involve introducing professional orchestral musicians to the data set, as 
currently only 18-25 year olds are represented. The professional musicians would be older and should 
have been regularly tested as part of hearing health surveillance [8] and O’Brien et al [24]. It should 
also be noted that O’Brien et al did state that orchestral music and its affects is a complex subject [26].

Finally, what can be stated is that studying music at the highest level makes you a better listener.
The Bekesy audiometric test is essentially a listening response test, and as such perhaps a different 
approach should be taken. One such approach that could be used as part of best practice is regular 
longitudinal Otoacoustic Emissions testing to supplement the audiometric data.
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ABSTRACT 

The sound exposure doses of musicians may significantly differ depending on the ensemble, repertoire and 
the intensity of their daily professional activity. In solo performance the sound levels are often asymmetric 
between the two ears, which mostly results from the directional characteristics of the instrument’s sound 
radiation, with only a small effect of reverberation, as the player is exposed to the instrument’s sound in the 
near field. In ensemble playing the sound of all the other instruments is usually the main factor influencing 
the sound exposure dose. In this study a two-channel noise dosimetry was used to assess the sound exposure 
doses in the left and in the right ear of music students. The measurements were conducted during rehearsals 
of chamber music ensembles, symphonic and wind instrument orchestras, big-band, and during individual 
practicing. The results show an interaural asymmetry in sound level, up to about 6 dB, in musicians playing 
instruments held asymmetrically to the player’s head and in cases when the musicians were exposed to 
intense sound of the neighboring instruments. It also was observed that the spread of sound levels was larger 
during individual practicing (78–105 dBA) than in large ensembles (79–99 dBA). 
 
Keywords: sound exposure, noise dosimetry, asymmetric sound exposure 

1. INTRODUCTION 
Studies on the exposure to musical sounds have been conducted for more than 40 years (1) and, 

among others, resulted in implementing into the Directive 2003/10/EC (2) the same requirements for 
noise limits and good hearing conservation practice in the entertainment sector as those that apply to 
industrial branches. This was followed by specific regulations, coordinated with the Directive in each 
EU member state (in Poland by (3) The Regulation of the Minister of Economy and Labor, of August 
5, 2005). However, the effect of exposure to musical sounds, as a factor causing hearing loss, is still 
being researched in musicians who play classical music. The percentage of musicians who suffer from 
some degree of hearing loss varies, depending on the study. For musicians or music students who play 
classical music, this percentage ranges from 30 to 60% (4–8). Other studies, e.g. (9), reported that that 
hearing loss occurs in a much smaller part, 5-25% of classical musicians, with the largest amount of 
hearing loss caused by brass instruments. Among musicians who play music of other genres 20-50% of 
the population have various symptoms of hearing loss. Several studies suggest that the most common 
hearing problems of musicians are tinnitus, hyperacusis, and diplacusis (10–13). 

A large body of research has been devoted to the measurement of sound levels encountered during 
performances, rehearsals and individual music practice, (e.g. 8,14–19). The reports show that the 
levels are usually highest for brass instruments (85-105 dB), woodwinds (85-95 dB), and percussion 
(90-95 dB). Flutist can be affected by levels reaching or exceeding 100 dB (14). In some cases (16), 
high sound levels, amounting to 108 dB, may occur at the place occupied by the conductor on the stage. 
Lower levels (85-90 dB) were measured in the string section in the symphony orchestra with the 
second violins affected by the sound of neighboring wind instruments. The differences between the 
reported sound levels in music (see 5,20 for a comprehensive review of the literature) depend on the 
acoustical conditions in which musicians work, on the location of instruments in the orchestra on the 
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stage, and on the performed repertoire. 
Recent studies (20–22) have also employed two channel measurement, separately for the left and 

the right ear, to estimate the asymmetry in sound exposure expected for such instruments as the flute, 
French horn, strings, or the harp. In individual music practicing (20) largest interaural exposure 
differences, with higher sound level in the right ear, were found for the flute (4 dB), the piccolo (7 dB) 
and the bassoon (3 dB). In the case of the tuba the sound level was higher by 4 dB in the left ear. In 
orchestral playing (5,21), an interaural asymmetry of sound level was found for the bassoon (3 dB), 
strings (5-6 dB), French horn (2-4 dB) and the flute (4 dB). 

The aim of this study was: (a) to estimate the exposure of musicians to sound during various 
activities during their typical work day, such as individual practicing, playing in ensembles of different 
sizes, from chamber ensembles to a large orchestra, and (b) to measure the asymmetry of sound 
exposure between the right and the left ear, at different overall sound levels. 

2. MEASUREMENT METHOD 
The sound level measurements were carried out with the participation of music students, majors in 

instrument playing at The Fryderyk Chopin University of Music in Warsaw (FCUM). The group 
included students who played the flute, clarinet, trumpet, trombone, percussion, harp and the double 
bass. For all of them a full day two-channel noise dosimetry was performed to assess the sound 
exposure. The students were provided with a personal two-channel noise dosimeter, and the two 
microphones were mounted on their arms, on both sides of the head. The dosimeter was used to record 
the equivalent sound level, Leq, and the waveform (for later analysis) during all their activities, such as 
individual playing and playing in various instrumental ensembles. Before setting the day on which the 
measurements will be conducted the students were asked to specify the days during which represent 
their typical activity at the university, in terms of the number of hours and type of classes. The students 
were also asked to fill out a questionnaire in which they specified the instrument they played, the type, 
and the start and the end time of each activity.  

The measurements were carried out with the use of two Svantek SV 102+ personal dual-channel 
dosimeters, equipped with SV 25D microphones, suitable for mounting on the arms, by attaching them 
to the clothes. The dosimeters were calibrated with a Brüel & Kjaer 4231 calibrator. The microphones 
were mounted on the musicians’ shoulders, as symmetrically as possible, and as close as possible to the 
ear. In the case of certain instruments, the microphones were somewhat shifted to the back of the 
shoulder because the way the musician was holding the instrument prevented the placement of the 
microphones on the top of the shoulder. 

The instruments tested included: the flute, clarinet, trumpet, trombone, tuba, percussion (drums), 
harp, and the double bass. This work is in progress and other instruments (i.e., French horn, bassoon 
and instruments of the bow family) will also be tested. The data analysis was done for five types of 
students’ activity: individual (solo) practicing, playing in a chamber ensemble (quartet, quintet, etc.), 
playing in a large symphony orchestra (usually FCUM student symphony orchestra, 40-80 musicians, 
depending on the repertoire), in a wind orchestra (FCUM student wind orchestra, 40-80 musicians), 
and in the FCUM student big-band (40 musicians, use of sound reinforcement).  

The analysis of data was carried out using the Svan PC ++ program, which is a standard software 
for post processing of data obtained from the SV 102+ dosimeter. The material was first checked for 
the presence of artifacts, such as overloads caused by accidental hitting of the microphone by the 
musician. For each measurement condition A-weighted equivalent sound pressure level in 1-s time 
intervals was determined, separately for the right and the left ear. The interaural level difference was 
determined for each LAeq,1s value using the calculation scheme in the Matlab program. 

3. RESULTS 

3.1 Monitoring time 

Table 1 shows the percentage of time the instrument players have devoted to various types of 
activities, calculated in reference to the total time of monitoring. The overall data (column marked 
‘Avg.’) indicate that the musicians spent 42% of their work time on individual practicing. However, 
this distribution is uneven across the instruments. In the case of five instruments (flute, clarinet, 
trumpet, trombone and percussion) for which the data exceed 10 hours of recording, individual 
practicing accounted for 26-28% (percussion and flute) to 47-50% (tuba and clarinet) of the time of 
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monitoring. If we assume that in chamber music playing the musician is much less exposed to the 
sound of other instruments than in large ensembles, such as the symphony orchestra, wind orchestra, 
and big-band, then it can be estimated that for about 40% of the time musicians play in large orchestras 
and for 60% of the time they play solo or in small ensembles. An exception from that are the data 
obtained for the percussionist. The distinction between individual playing and playing in an orchestra 
or in an ensemble is important; in individual playing the musician is exposed only to the sound of 
his/her own instrument whereas in the exposure experienced in ensemble playing predominates the 
sound of neighboring instruments. However, it has to be stressed that in many cases, due to the 
shortage of practice rooms at the university, the students practice individually in the presence of other 
students playing in a medium size room at the same time. 

 

Table 1 – Percentage of time devoted to a given activity referred to the total time of monitoring  
Monitoring time [%]1) 

 flute clarinet trumpet trombone percussion harp 
double 
bass Avg. 

Individual 28 50 42 47 26 60 16 42 

Chamber ensemble 40 32 16 5 - - 33 16 

Symphony orchestra 32 4 27 10 64 40 33 22 

Wind orchestra - 14 5 19 - - - 9 

Big Band - - 10 19 10 - 18 9 

Individual and 

Chamber  
68 82 58 52 26 60 49 58 

Orchestras and 

big band 
32 18 42 48 74 40 51 42 

Number 

of hours 
10.7 21.6 19.5 33.6 13.1 4.2 5.7 108.4 

1) The data obtained for the tuba player were omitted as the recordings were made only during solo playing  

 

3.2 Overall levels 

The LAeq levels averaged over dosimeter samples recorded during all measurements are shown in 
Figure 1. The graph shows the values recorded for all instruments and separately for the left and right 
ear (these details are not distinctively shown in Figure 1). The highest and lowest values of LAeq were 
observed in individual practicing (Figure 1, circles). This confirms that this type of daily activity is not 
a negligible component of total musicians’ daily exposure to sound. It is worth to mention that the two 
highest values of 104.9 dB and 99.4 dB were obtained, respectively, for the right and left ear of the 
flutist. The lowest values of 78.4, 79.1, and 80.2 dB are, respectively, for double bass player, left and 
right ear, and the harpist’s left ear. Midrange of considerably high level values of 90.7 to 96.6 dB is 
occupied by other instruments, mainly woodwinds and brass instruments. 

In the case of chamber music (Figure 1, squares) the lowest level of 76.7 dB (left ear) and 77.4 dB 
(right ear) was also recorded for the double bass player. It is clear that the effect of neighboring 
instruments in chamber music ensemble was at minimum for this instrument. The highest value of 99.4 
dB was obtained for flutist’s right ear, and next to it, for the trumpet (98.2 dB, right ear). However, the 
level measured at the flutist’s left ear was 93.8 dB. The difference of about 6 dB between the right and 
the left ear was same as in the solo playing condition. Thus, the asymmetry of exposure of the left and 
right ear of flutist was not affected by the presence of chamber ensemble. It is apparent that in chamber 
ensemble playing exposure of the flutist was by about 5 dB lower than in solo playing what is likely 
related to the repertoire, less demanding from the flutist in ensemble playing. 

For symphony orchestra condition (Figure 1, triangles), the spread of levels is reduced to a range 
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between 79.2 dB (double bass) and 96.5 dB (flute, right ear). As in previous conditions, the double 
bass player was less exposed than other musicians for which the level values start from 88.6 dB (harp, 
right ear). For the wind orchestra (Figure 1, diamonds) the level range is even more compressed to 
levels from 91.0 to 96.1 dB and, on average, is slightly higher than for the symphony orchestra. These 
results, however, include data only from three instruments – the clarinet, the trumpet and the trombone. 
For the big band (Figure 1, crosses), higher level values of 94.5 dB (double bass) to 98.6 dB 
(percussion) are likely a result of electroacoustic reinforcement of sound on the stage and in the 
audience area. In contrast to solo and chamber conditions, the musicians are more influenced by the 
overall sound than by the sound of their own instrument.  

In summary, the highest and the lowest levels are at their extremes for the soloistic playing, ranging 
from less than 80 to over 105 dBA, which is likely due to the repertoire . For large number of musicians 
in the ensemble, the average level is high but the span of levels is narrow, because of high influence of 
sound of neighboring musicians. 

 
Figure 1 – Ranges of LAeq measured for every type of activity 
 

 

3.3 Right-left ear level difference 

Panels a-e in Figure 2 show the asymmetry in sound exposure between the right and the left ear. 
Each panel represents one measurement condition: (a) individual practicing, (b) chamber ensemble, 
(c) symphony orchestra, (d) wind orchestra, and (e) the big band. Different lines represent the data 
obtained for different instruments. The asymmetry in sound exposure was assessed by calculating the 
level difference between right and left ear, ΔLRL = LAeqR – LAeqL. Positive values of ΔLRL represent 
conditions in which right ear was more exposed, and negative ΔLRL those in which the left ear was 
more exposed. The graphs plotted in Figure 2 show how the ΔLRL changes with the overall LAeqL level 
of samples recorded in the left ear, averaged over 1-s intervals. Thus, the level in the right ear can be 
obtained by adding the values on the abscissa to the values on the ordinate.  

In the solo playing condition (Figure 2a) a different degree of asymmetry in noise exposure (larger 
than 1 dB) is apparent for the flute, percussion, tuba, trumpet and the double bass. The largest 
asymmetry, with the right ear more exposed, is seen for the flute at high levels of 90-115 dB. This 
asymmetry reaches 5 dB for the loudest sounds what may be an indicator of high risk of hearing loss as 
it occurs for the left ear LAeqL of about 112 dB, which means that right ear exposure reaches almost 
120 dBA.  

Percussion is the second instrument in row in terms of the size of asymmetry with the level in the 
right ear by 3 dB higher (at LAeqL = 80 dB) exposure. The data for percussion show an asymmetry of 
1-2 dB with the right ear more exposed, for the entire range of levels during playing. 

2024



 

 

 

a) Individual practice b) Chamber ensembles 

c) Symphony orchestra d) Wind orchestra 
 

 
e) Big band 

Figure 2 – Interaural sound level difference for various typical daily music activities 
 
The data for the trumpet, tuba, and the double bass show higher levels in the left ear but the 

difference in level does not exceed 2 dB. For the tuba, exposure of the left ear if consistently larger by 
about 1 dB at all playing levels, from 40 to 110 dB. In the case of the double bass, largest asymmetry 
associated with higher level in the left ear occurs for the highest playing levels, 90-93 dB. This 
asymmetry is likely related to a change in the player’s body position during articulation of the loudest 
instrument sounds. Average difference over all LAeqL levels was 5.7 and 1.5 dB respectively for the 
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flute and percussion (right ear more exposed), and -1.5 dB for tuba (left ear more exposed). In the case 
of the remaining instrument the exposure difference was not larger than 0.7 dB.  

In chamber ensemble condition (Figure 2b), asymmetry seen for flute player is similar to that 
observed for the individual condition, with an increase in ΔLRL to about 5 dB for levels LAeqL between 
85 and 110 dB. For other instruments, the pattern of results differs from that obtained in the individual 
playing condition. Stronger asymmetry with larger right ear exposure is seen for the trumpet, with 
ΔLRL reaching about 2 dB for LAeqL exceeding 90 dB, and somewhat larger exposure (ΔLRL = -1 dB) of 
the left ear is apparent for the clarinet player for LAeqL exceeding 75 dB, and the trombone at 90-95 dB. 
The average asymmetry over all levels is 5.6 dB for the flute and 1.5 dB for the trumpet. Differences 
for other instruments are less than 1 dB.  

For symphony orchestra (Figure 2c) significant asymmetry with right ear more exposed remains for 
the flute player at LAeqL of 90-100 dB. There is also a right ear exposure consistently stronger across 
levels for the trumpet, with maximum ΔLRL exceeding 2 dB for LAeqL at about 80 dB. Stronger left-ear 
exposure with ΔLRL exceeding -2 dB for LAeqL larger than 90 dB is observed for the harpist. Average 
differences are smaller than for the previously discussed conditions: 1.8 dB for the flute and -2.4 dB 
for the harp, with less than 1 dB for the remaining instruments. 

As mentioned earlier for the symphony orchestra, there is larger influence of sound of neighboring 
instruments on an exposure than in the two previously discussed conditions of solo and chamber 
playing. Whereas for the flutist there is still a dominating right-ear exposure at high levels which must 
be related to the dominating sound of his/her own instrument, the symmetric exposure at lower levels 
is due to the influence of other instruments. For the trumpet, consistently larger exposure of the right 
ear is likely due to the sound of other instruments of the brass section (such as the French horns or 
trombones). Domination of left ear exposure for the harpist at high levels is likely related with the 
sound of neighboring instruments (such as percussion or woodwinds) because in solo playing the 
harpist exposure is more intense in the right ear which is positioned closer to the body of the 
instrument. 

For wind orchestra (Figure 2d) the three considered instruments (clarinet, trumpet and trombone) 
do not show large left-right ear asymmetry in the exposure, which is due to the overall high level 
produced by large number of wind instruments. In this kind of orchestra there are no violins, violas and 
cellos. In transcriptions of symphonic pieces, which are often played, the role of bow instruments is 
taken over by woodwinds and brass instruments. For instance, as many as 16 clarinets may play the 
parts of the first and second violins. General high levels occurring during performances produce fused 
sound and strong domination of sounds of other instruments over the own instrument sound. In the data 
shown in Figure 2d, strong asymmetry up to ΔLRL = - 3 dB (left ear more exposed) is seen only for the 
trombones. The likely reason is that trombone players sit in the last row of brass instruments with 
percussion instruments on the left side behind them. Overall asymmetry in wind orchestra condition, 
ΔLRL, is 1.6 dB for the clarinet player (right ear more exposed) and -2 dB for the trombonist (left ear 
more exposed).  

In the data obtained for the big band (Figure 2e), there is an asymmetry with higher by about 2 dB 
exposure in the left ear dB at high LAeqL (>100 dB) seen for trombonist, similar to that observed for this 
instrument in wind orchestra (Figure 2d). It is likely that the reason for this is the exposure to the sound 
of percussion placed just behind the trombonists. For other data in Figure 2e, there is a slight shift 
towards right ear being more exposed. This is most likely a result of centrally positioned loudspeaker 
in the back of the stage used by the sound reinforcement system during the big band performances. For 
this reason the overall asymmetry in the big band is +0.7 dB (right ear more exposed) except for the 
trombone in high level condition (ΔLRL = -1.4 dB, left ear more exposed) due to its position close to 
percussion instruments. 

4. CONCLUSIONS 
Musicians performing classical music are exposed to high-level sounds, often exceeding 90 dBA, 

during their typical working day. Such exposure may exceed acceptable daily exposure level of 85 dB. 
In solo practice, due to the directional pattern of the instrument and depending on the repertoire, the 

largest spread of levels occurs, from 78 to over 105 dBA. For large ensembles, the variability in level 
decreases with increase lowest levels and decrease of the high levels. For chamber ensembles the level 
range is 77-99 dBA, for symphony orchestra 79-97 dB. In wind orchestra and big band the variability 
in level is limited to 5 - 6 dB, from 91 to 96 dBA, and from 94 to 99 dBA, for wind orchestra and big 
band, respectively. 
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For some instruments, exposure to sound is strongly asymmetric. The right ear is more exposed in 
musicians playing the flute, the left ear in musicians playing the trombone and the tuba. In the case of 
other instruments the degree of asymmetry is smaller and depends on the conditions in which 
musicians play.  
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ABSTRACT 
Since most musicians are reluctant to wear hearing protection devices, physical measures are used in an 
attempt to control exposure levels in the orchestra. Examples of such measures are increased space between 
musicians, positioning brass instruments on risers, putting screens between musicians and adding sound 
absorption. The effectivity of such measures has been shown by the authors in JASA 142, 3154 (2017) and 
the published paper will be discussed in this presentation. It is difficult to exactly reproduce the music played 
by an orchestra under different conditions to determine the effect of measures. A solution to this problem was 
to simulate the effectivity of control measures using a prediction model. The model calculates the equivalent 
sound levels for a performance of the first 2 minutes of the 4th movement of Mahler’s 1st symphony, 
representative for loud orchestral music. The model outcome shows good agreement with measurements of 
the same excerpt. Results show that physical measures are not effective enough to significantly reduce sound 
levels. It seems that musicians, playing current modern powerful instruments, have no other choice than to 
protect their ears with ear plugs under all circumstances if they wish to avoid the risk of developing hearing 
damage. 
 
Keywords: Symphony Orchestra, Musicians, Sound Levels, Noise Exposure 

1. INTRODUCTION 
This presentation is based on a publish journal paper by the authors (1). 
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Dicriminability of high-resolution audio with regard to the 
quantization accuracy' 

Masanobu MIURA 
Kunitachi College of Music, Japan 

ABSTRACT 
The high-resolution audio has been popular for commercially-sold music delivery services. The 
high-resolution audio is characterized in both the over 20Hz components and high-quantization accuracy. 
This presentation focuses on the quantization accuracy in terms of the discriminability of the difference on 
quantization accuracy. In particular, here employs 24 bits and 16 bits format’s audio as experimental stimuli, 
where the ones of 16 bits are created by conducting downbit-processing for commercially sold 24 bits audio. 
Three methods of downbit-processing are employed. 10 university students were asked to listen to the audio 
and to answer the format, as 24 or 16. The stimuli are simultaneously presented to listeners through 
headphones. Then the listeners were asked to answer the sound image localization. This method is newly 
employed here. The method has an advantage that listeners are possible to compare the sound simultaneously 
and to answer the sound image locations, which is thought as easier to rate than to the conventional listening 
experiment, just presenting each by each. The experimental result shows significant difference on the 
discrimination on the difference of audio format. The factor why people are possible to discriminate will be 
discussed on the conference venue. 
Keywords: High-resolution Audio, Discriminability, 24bit, 16bit 

1. INTRODUCTION 
The high-resolution audio has been popular for industrial music commerce. The high-resolution 

audio has finer resolution on either or both time and amplitude. Here focuses on the resolution from 
the quantization. The discriminability of the resolution on quantization is discussed here. On the 
conventional method ABX method, subjects are asked to rate two distinct sounds that are presented 
each by each. In case of using lowbit and highbit sound sources, in particular 16 and 24 bit, subjects 
feel usually the difficulty of the difference between them, since the difference of resolution of the 
sound is perceived as weaker than the consistent context of the music. To cope with the problem, we 
proposed a method to use sound localization using headphone presentation, where the 16 or 24 bit 
sound on consistent context is presented either left or right channel. The listeners are asked to rate 
the sound image localization. If the sound image is localized neither left nor right side, the subjects 
are assumed that he/she can perceive the difference of 24 and 16 bit. On this report, we examine the 
possibility of the sound image localization when using 16 and 24 bit audio on each ear side for 
consistent music context. 

2. DOWNBIT PROCESSING 
The stimuli of the sound image localization are the modified sound sources of original 

commercially sold music. The music of the original sound source is a performance of wind orchestra, 
played by the Japanese professional wind-orchestral band. Original music’s format is 48000Hz with 
24bit. Three types of downbit processing are conducted for the original music. The three methods 
consist of three rounding from 24 bit to 16 bit by 1) up, 2) down, or 3) nearest step on 16 bit. Figs.1-3 
shows each of the processings. 

3. LISTENING EXPERIMENT 
A listening experiment is conducted where four types of wind orchestra music are employed. On 

each of the stimuli, left or right channel is either 16 or 24 bit, labelled as (16-16, 16-24, 24-16,24-24). 
Length of each stimuli is approximately 30 seconds. Ten students (L1 to L10) belonging to engineering 
university participated in this test. They were asked to rate the consistency of sound image localization 
on the conductive two music. Results are shown on figure 2, where the correct answer rate is 44.38%, 
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being higher significantly ( p<.05, chi-square test).  

 
Fig.1 Rounding to upper step 

 
 

 
Fig.2 Rounding to lower step 

 
 

 
Fig.3 Rounding to nearest step 
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(a) Result for the rounding 2).        (b) Result for the rounding 3). 

 
Fig.4 Results of the listening experiment. 

 

4. DISCUSSION 
As my colleagues reported that when using the rounding 1) and when using amateur musician’s 

students[1], the average of correct answer ratio raises to 46.8% and five out of the ten musical 
students are significantly possible to answer correctly the sound image localization. Along with the 
results mentioned above, the possibility that people can discriminate the difference of sounds 
between 24 and 16 bit by listening experiments. I believe the result may be the new approach to 
discriminate two distinct sounds.  

5. CONCLUSIONS 
Here a new methodology using the sound-image localization to discriminate the difference of 24 bit 

and 16 bit sounds is presented. A possibility that people can discr iminate the 24 and 16 bit sounds is 
introduced. 
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Abstract
To reduce the risk of a noise-induced hearing loss in workplaces, the EU directive 2003/10/EC sets certain
exposure action values and an exposure limit with respect to the daily or weekly sound exposure as well as
the peak sound pressure. Hearing protection, which is one of the most efficient means to reduce the risk of
hearing loss in the majority of work places, is generally considered inadequate as the sole solution for orchestra
musicians. Technical and organizational measures should therefore precede or accompany individual hearing
protection. Moreover, their pertinent execution requires deliberate solutions, which need to be in agreement
with the conditions of performance practice and architecture.
This contribution presents an attempt to reduce the sound exposure level in the orchestra pit of the Deutsche Oper
Berlin by a set of constructional measures. The current conditions and the requirements of the musicians were
assessed with acoustical measurements and with a questionnaire, respectively. A hybrid simulation method was
subsequently employed to simulate and optimize the sound field. Optimization focussed on an improvement
of audibility between musicians and the equalization of the areal pattern of room modes. While the former
objective is well-know for improving the ensemble play, the latter reduces the exposure as well as the masking
of the fundamental frequencies of singers and instruments. The paper finally presents a set of constructional
measures, which are considered viable approaches for reducing the risk of noise-induced hearing loss in the
orchestra pit.
Keywords: Orchestra pit, health and safety

1 INTRODUCTION
The Deutsche Oper Berlin (DOB) is one of the three opera houses in Berlin. The building was designed by the
architect Fritz Bornemann. It features the popular language of many post-war buildings. The opera is known
for a modern and successful room acoustic design by the consultants L. Cremer, J. Nutsch and H. J. Zemke
[1].
The repertoire of the opera consists mostly of grand operas of the 19th century, in particular Richard Wagner,
but features also modern plays. During productions with greater assemblies of the orchestra, the floor of the
orchestra pit is at the lowest level in order to increase the floor space. To assess the average floor space per mu-
sician, two plays are considered. The assembly plan for Tannhäuser comprises 75 musicians, which results into
an estimated average space of 1.4 m2 per musician. The assembly plan of Turandot comprises 86 musicians,
which leaves an estimated average space of only 1.2 m2 for each musician. With these ratios, the conditions of
the orchestra pit of the DOB are not different from many other orchestra pits. Based on a survey at 46 opera
houses, the floor space was identified as a primary factor for problems with excessive loudness and difficulties
with ensemble play [2]. A threshold of 1.5 m2 was identified as the area per musician below which problems
are often reported. Solutions as curtains in front of the walls or extensive broad band absorption lead either to
discoloration, or reduce the room acoustic support as well as the loudness of the orchestra in the auditorium.
Sound screens are regarded as obstructive as well as impractical in the orchestra pit, and are advised only in
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front of the loudest instruments, and therefore represent no general solution to the problem [3].
As part of the noise exposure reduction program (2003/10/EC, section 5 part 2, [4]), the management of the
opera initiated the university project “Simulation and optimization of room acoustical fields at the example of
the Deutsche Oper Berlin” (SIMOPERA) with two universities and an industry partner. The distinctive feature
of the two year project was a hybrid simulation approach, consisting of wave based simulation for modelling
wave phenomena at low to mid frequencies below the diffraction limit and geometrical acoustic simulation for
modelling mid to high frequencies. Using this approach it was possible to account for the low frequency sound
field in the orchestra pit, which is mostly excluded from simulation and handled by general experience. Yet
eigenfrequencies and room modes are often accountable for increased reverberation times and the occultation
of sounds at mid frequencies as a consequence of the masking effect. Raising the accuracy of room acoustical
designs in the low frequency regime is therefore important. Typical design requirements are a homogeneous
and proportionate sound pressure distribution. However, because of the non-homogeneous distribution of modes,
these requirements are difficult to attain. Decomposing the complex modal structure with wave based simulation
facilitates the development as well as the verification of acoustical concepts in this frequency regime.
Simulation based on geometric acoustics was complementary used in the mid to high frequency range. Both
simulation methods were ultimately employed to develop constructional measures for reducing the sound expo-
sure level in the orchestra pit, on the one hand directly by means of diffusion and selective absorption, on the
other hand indirectly by way of enhancing audibility and transparency.
This paper summarizes the results and collects the experiences made within this project. First, a summary of the
current situation at the DOB is given. Subsequently the simulation methods are further introduced and finally
concepts of constructional measures for reducing the sound exposure level in the orchestra pit are presented.

2 ANALYSIS OF THE CURRENT SITUATION
The project started with Sound Pressure Levels (SPL) measurements within the orchestra pit and the auditorium
during several plays. As regards the pit, SPLs comparable to the ones reported by Brockt [5] were obtained.
In a second step, a questionnaire was developed together with the orchestra department. With regard to the
instrument groups viola, violin and wind instruments, the number of observations (i. e. returned questionnaires)
allowed for a statistical analysis. Therein the viola and the violins form an interesting pair of instrument groups.
The violas are situated in front of the wind instruments, while the violins are symmetrically flipped to the
other side of the orchestra pit and reside in a quieter environment. Because the analysis of ratings allowed
merely for a comparison of mean values and the observation of the string instruments where most consistent
across different assemblies, these two groups are analysed in the following. The results are: (1) Viola players
consider playing much less comfortable in the orchestra pit than violin players. (2) Viola players find it hard
to distinguish between the sound of their own instrument and instruments of others. (3) Viola players have
more difficulties to distinguish between instruments, while violin players find it much easier. (4) Viola players
rated the intelligibility of instruments that need to be heard during ensemble play lower than violin players. (5)
Viola players perceived the orchestra less balanced than violin players. (6) Violin players evaluated the room
acoustics of the auditorium higher than viola players.
There was no question on the perception of excessive loudness. Nevertheless, the distinct difference in ratings
is likely a consequence of the increase exposure levels in the proximity of wind instruments. This finding is
not peculiar to the DOB and reflects a common observation in orchester pits [3].

2.1 Room acoustic measurements
Standard room acoustic measurements were executed in the entire performance space, comprising the stage
house, the auditorium and the orchestra pit (ISO 3382-1, [6]). If the stage house was coupled to the auditorium
as well as to the orchestra pit, a defined configuration of the stage was used, namely closed stage gates to sides
and backstage as well as theatre curtains on stage level in front of the stage walls and gates with about one fifth
of covering in order to omit flutter echoes. There was no audience present. The orchestra pit was positioned at
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2.9 m below stage level, which in generally the configuration during grand operas. Ten measurement positions
in the stalls, balconies and lodges were chosen. Using a logarithmic sweep as the probe signal, impulse re-
sponses for three source positions on stage and three source positions on the orchestra pit were measured. The
measurement equipment fulfilled the requirements of the standard ISO 3382-1 [6].
The reverberation times are a Tmid,30 of 1.5 s in the orchestra pit with the iron curtain closed, a Tmid,30 of 1.5
s in the auditorium with the iron curtain closed and a Tmid,30 of 1.75 s in the auditorium if the iron curtain is
open. There is an enhancement of reverberant energy at low frequencies in the auditorium, with reverberation
times of up to 2.9 s in the 1/3rd octave band centered at 100 Hz with the iron curtain opened.
Due to the reduced volume of the orchestra pit, the modal field extends into the mid frequency range, exceeding
the theoretical value of the Schroeder frequency, which lies at about 100 Hz for the orchestra pit alone. At low
frequencies, the mean reverberation time is less enhanced in the orchestra pit as compared to the stage house
and the auditorium.
Looking at the situation of a typical scenery (’Les Contes d’Hoffmann’ by Jacques Offenbach in 2018 at DOB),
the reverberation time of the entire performance space decreases to a Tmid,30 of 1.5 s. In addition, at low fre-
quencies, the reverberation time is at about 2 s at frequencies below 125 Hz. Hence, the elevated reverberation
times measured at low frequencies at an empty stage are generally not representative.
Aside from the reverberation time assessment, the parameter strength (G) was calculated from the impulse re-
sponses. It is a measure of the perceived loudness. Throughout future acoustical changes of the opera, G could
serve as an important quality criterion for the loudness percepiton in the auditorium and the balance between
performers on stage and in the orchestra pit.

The stage metrics of the ISO 3382-1 are early and late support, STearly and STlate, respectively [6]. The former
describes the perceived conditions of the ensemble play and the latter describes the perceived reverberation time
on stage. Following the proposal of Vercammen and Lautenbach, the parameter early strength (G80) was em-
ployed to evaluate the degree of transmission between the performers on stage and in the orchestra pit [7]. The
results of the stage parameters in the DOB show close agreement with a series of opera houses in Germany
[7, 8]. In view of the objective of this project, i. e. reducing the sound exposure level in the orchestra pit,
parameters of stage acoustics are of prime importance and need to be controlled throughout the optimization
process. Further information on the measurement methods and the results of this project were published [8].

3 Room acoustic simulation
Selective constructional measures which guarantee good audibility within the orchestra pit and which lower
sound exposure levels for musicians were developed and evaluated in acoustic simulation. Due to the coupling
of three large and partly non-diffuse rooms and the frequency dependent phenomena of sound waves, two
simulation methods were applied, namely the Finite Element Method (FEM) and ray tracing.

3.1 Finite element method
A model of the opera was developed within the FEM framework of the software COMSOL Multiphysics 5.3a.
The wave based method allows for an exact calculation of the wave field in complex shaped rooms where no
analytic solution exists. It is however computationally expensive and therefore limited to lower frequencies. The
limiting criterion results from the fact that each wave element (one wave length) has to be discretized with at
least six elements in order to avoid numerical dispersion. For a cube with a volume of 12000 m3 (about the
volume of the auditorium of the DOB including the orchestra pit) this leads to at least 6e4 hexahedral cells at
100 Hz, 6e7 cells at 1 kHz and 6e10 cells at 10 kHz. Computing the soundfield in such a volume up to a
frequency of 1 kHz may last several days on a mid-size cluster computer.
In this project, FEM simulation was employed and evaluated (1) in the calculation of room modes and eigenfre-
quencies in the decoupled orchestra pit as well as the entire performance space, (2) in the comparison with other
simulation methods, basically the ray tracing and the boundary element method, (3) in the study of boundary
conditions, in particular at interfaces between room sections and (4) in the simulation of Helmholtz resonators.
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Isolating the orchestra pit from the auditorium allowed for faster simulation, which was needed throughout the
design and optimization process. As an approximation, the interface to the auditorium was set to the impedance
of air. The comparison between the eigenfrequencies of the auditorium including the orchestra pit and the
pit alone showed that the specific eigenfrequencies of the pit maintain with this boundary condition. On the
contrary, assigning the impedance of infinity (sonically hard cap) at the interface to the auditorium altered the
modal field considerably. Owned to the computational effort and the difficulty of obtaining actual boundary
conditions in FEM models, there often exists a “missing frequency gap” between the realms of wave based
modelling and methods of geometric acoustics. In this work an attempt for bridging this gap was undertaken
by increasing the respective frequency ranges. Despite simplified assumptions of the boundary conditions in the
FEM model and the methodological shortcomings of ray tracing at low frequencies, simulated SPLs within the
orchestra pit deviated only by 1.2 dB in the octave bands from 125 to 500 Hz between both models [9].

3.2 Ray tracing
Appropriate for simulating sound fields above the diffraction limit, models geometric acoustics have been estab-
lished as today’s standard simulation procedure in acoustic consultancy. A computational efficient realization is
the energy based ray tracing algorithm. In this project a model of the DOB was developed with the ray tracing
software CATT-Acoustic (v9.1c and TUCTv2). In order to adapt the model to the acoustics of the opera, the
sound absorption data published by Cremer and colleagues was first assigned to the surfaces of the opera [1].
Subsequently, the absorption coefficients were adjusted in order to match the simulated with the measured re-
verberation times. During this process, the auditorium (including the orchestra pit) was separated from the stage
house and each room was adapted individually. Finally, the performance space, consisting of three coupled
rooms, was adjusted as a whole. It turned out difficult to achieve a frequency dependent match of reverberation
time for all three compartments, i.e. the auditorium, the orchestra pit and the stage house, primarily in the low
frequency range. Therefore, the adaptation focussed eventually on a close match in the orchestra pit and in the
auditorium.

4 Proposals of constructional measures
4.1 Helmholtz resonators in the orchestra pit
Due to the capacity of a high absorption area, Helmholtz resonators are an efficient means for damping the
specific modes and eigenfrequencies of a particular room by adjusting their resonance frequency accordingly.
The frequency range in which they operate can be broadened to the neighbouring octave bands by increasing
the air flow resistance of the opening. A good trade-off with the quality factor can be achieved. These features
as well as the freedom of arbitrarily shaping the resonator’s volume result in a highly customizable absorber.
FEM models of Helmholtz resonators were developed and validated in the simulaiton of an impedance tube
in accordance with the transfer function method described in the standard DIN 10534-2 [10]. The model was
compared to the measurements of specific designs and showed good agreement. This development led to the
valuable tool of designing and evaluating Helmholtz resonators within FEM models of room acoustics.
Based on a grid measurement in the orchestra pit, the sound field was spatially sampled and locations of raised
sound pressure in the low frequencies regime were identified. In order to equalize the frequency response across
the orchestra pit, Helmholtz resonators were distributed and adjusted to the sound field. Because of a tentative
description of wall impedances, the results of this implementation are not presented here (see also discussion).
The description of Helmholtz resonators as a FEM model as well as the proof of concept was published by the
authors [11].

4.2 Proscenium reflectors
The objective of this constructional measure is the improvement of the mutual audibility by means of intensified
early reflections. The proposal draws upon the well studied insight that insufficient audibility among musicians
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Figure 1. Conceptual drawing of the proscenium and the orchestra pit of the Deutsche Oper Berlin. (Left) The
current reflectors in the proscenium behind an acoustically open mesh. (Right) Proposal of large reflector arrays
for improving audibility between distant positions within the orchestra pit. Each reflector of the array has a size
of 1.5 x 4 m

often results in a louder and less accentuated playing style. The musician is inclined to play louder in order
to hear oneself as well as to be heard. Consequently, if the ensemble play is hampered by poor audibility and
elevated exposure levels, disintegration and dissatisfaction can emerge among musicians and consequently further
amplify the described effect. This observation can be regarded as the musical analogue of the well known
Lombard effect. As a countermeasure, arrays of reflectors were designed at sides of the proscenium above the
pit. Figure 1 depicts the current situation and the proposed reflector arrays. The enlarged reflectors facing the
orchestra pit are aligned such that audibility across distant locations within the orchestra pit is enhanced. The
performance of the reflectors was assessed with the parameter early strength (G80) within the ray tracing model.
The results show an increase of up to 2 dB between distant positions.

4.3 Diffusion and projection of sound energy within the pit
While reflector arrays in the proscenium are meant to enhance audibility, strong reflections from hard walls in
the proximity of players may result into a strong enhancement of sound pressure. In order to mitigate this effect
without loosing stage support, intensified diffusion and projection of the sound energy into the auditorium are
proposed. Diffusion can be achieved through geometric structures and pattern of local impedance variations. The
advantages of a impedance pattern are simplicity (including reduced costs) and a minimum installation depth.
They can be realized in stripes of porous absorbers or by means of phase grates. Ballestero and colleagues
presented an example of such a solution with metadiffusers in the orchestra pit [12].
The simulation of increased diffusion (as compared to the current situation in the pit) did not result in the
reduction of the SPL. This might be a consequence of the oversimplified calculation method of energy based
ray tracing, the conservation of the energy decay within a room when not changing the absorption characteris-
tics and ultimately the ignorance of the playing style, which presumably will change in response to increased
diffusion.
Alternatively, by cladding the wall of the orchestra pit towards the stalls area with reflectors of triangular shape
with an edge length of 1 m, and aligning these (as far as possile) to the sides of the stage opening, a portion
of early sound energy is projected into the hall. The backside of the reflectors is designed as highly absorptive
and the pit’s wall behind these remains sonically hard. The setup shall balance stage support with increased
diffusion at mid frequencies. The repetitive pattern of reflectors results into a theoretical maximum of diffusion
in the range of 250 to 500 Hz. In addition a considerable portion of sound energy is absorbed by the absorptive
backside. This reduction was assessed in simulation. It led to an average decrease of the A-weighted SPL in
the time span from 500 to 3000 ms after direct sound of 1 dB and a decrease of the SPL in the 1 kHz octave
band within the same time span of 2 dB.

2037



Moreover, both, the diffuser and the projection solution reduce the focusing effect of the concave wall of the
orchestra pit. The analysis of early reflections in the geometrical model (based on the well known mirror im-
age source method) of the untreated pit readily illustrate this focussing effect in the two centre points of the
elliptical curvature.

5 Discussion
The presented project comprised many tasks that are part of a room acoustic consultancy assignment and thereby
identified current challenges. In the following a set of experiences are given:
(1) The development of simulation models is still a laborious task. Today’s availability of laser scanners al-
lows for an efficient measurement of room dimensions. However, the conversion of so called point clouds of
centrally recordes solid measures into simulaiton models of proprietary file formats is difficult. Therefore the
authors created the simulation models per code or per CAD software and commercially available conversion
tools. Also this conversion did not work flawlessly and resulted in error correction within algorithm generated
code.
(2) The assessment of wall impedances in the low frequency range remains a challenge. Much work has been
put into wave based algorithms. Recent developments include the time-frequency processing and therefore en-
able the assessment of the simulated sound field with standard room acoustic tools. As regards the boundary
conditions there are conversion formulae that transform wall impedances from standard absorption data (alpha)
in the mid to high frequencies regime [13]. However, at low frequencies, where wave based algorithms are
especially useful, impedance values are difficult to acquire. Leaving plate absorbers with their descriptors aside,
the locally reacting surface of a room represents a manifold which is hardly measurable at the surface itself with
today’s acquisition tools and manageable effort. There are however approaches that calculate impedances across
wall zones inversely from the sampled sound field [14]. In this project the authors developed an optimization
framework for searching the wall impedances using the least square error criterion for the match between the
measurement and the FEM simulation of a spatial grid of microphone signals. Although the experimental setup
was simple, the results remained behind expectations.
(3) Standard room acoustic measurement loudspeakers lack sound power at low frequencies in larger rooms.
During acoustic measurement in rooms as large as the Deutsche Oper Berlin, it turned out difficult to excite
the room below 100 Hz with sufficient signal-to-noise ratio. In this project three omnidirectional loudspeakers,
each at a time and all fulfilling the requirements of the ISO 3382-1, were tested. Only by employing an addi-
tional PA loudspeaker at low frequencies, the SNR could be sufficiently raised. Care is required for achieving
omni-directionality of the sources in their respective spectra.
(4) The adaptation of a ray tracing model to a complex sound field of coupled rooms by means of the reverber-
ation time is prone to error. Because the parameter describes the exponential decay in a diffuse sound field, it
is neither a metric for typically undulating decays of coupled rooms nor a metric for non-diffuse sound fields.
Therefore coupled rooms are best detached during measurement and during the subsequent adaptation of the
simulation model, as it was done here. The adjustment remains however coarse and may not reflect the actual
spatial distribution of surface characteristics. There are optimization algorithms that support the adaptation of
simulation models to measurement, also on the basis of spatial parameters. These were however not available
in this project.

The presented constructional measures in this contribution are at a conceptual stage. If the management of the
opera decides to implement one of these, further preparatory steps are required. Inevitable will be the analysis
of the requirements of each opera department regarding conflicts and practicability of the proposed measures.
The reflector array in the proscenium improves mutual audibility across distant positions in the orchestra pit.
The measure therefore reponds to the requirements of many musicians of the DOB who consider communication
within the pit as crucial. The design pursued a modest intervention into the current architecture of the stage
opening, leaving space to performers behind the reflectors in the mesh covered balconies as well as enough
space for lighting. Parameters of further optimization are size, alignment, location as well as the reflector’s
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edges to increase the frequency range of the reflector. In addition, a motor steering could adapt their angle to
the level of the orchestra pit, thereby delivering acoustic support in other stage settings too.
The diffusers and reflectors as well as the Helmholtz resonators within the orchestra pit represent measures that
have little interference with the conditions of architecture and performance practice. The wall mounted reflectors
might be hinged and temporarily collapsed into the wall, such that their depth does not interfere with the floor
of the orchestra pit while manoeuvred between different levels. As with the reflector arrays, parameters of size,
alignment, the location as well as the edges need further development.
Given the fact that the sound pressure level decreases by 6 dB per distance doubling between receiver and
source in free field conditions, the enlargement of the orchestra pit represents a reasonable but extensive solu-
tion. Literature shows that an average floor space of more that 1.5 m leads to acceptable loudness levels and
good ensemble play [2]. The option of enlarging the orchestra pit was not analysed in this work. In order to
demonstrate the effect of increased distances between musicians on individual exposure levels, it would need a
model of a complete orchestra, as developed by Wenmaekers and colleagues [15].

The presented project SIMOPERA ended in March 2019. As of writing this paper, the decision on the execu-
tion of the constructional proposals in this project is pending. In parallel, the orchestra management pursues
a number of activities in order to comply with the regulatory requirements, such as the sound pressure level
monitoring of performances in front of the wind instruments, the rotation of musicians within groups, the ar-
rangement of preventive occupational medical care, the supply of individual hearing protection as well as the
execution of a noise reduction program, within which the here presented project forms a part.

6 Conclusion
In this contribution, constructional measures for reducing the sound exposure level of musicians in the orchestra
pit are mapped out. These measures are part of a set of provisions, such as individual hearing protection, in
order to mitigate the risk of gaining a hearing loss in the musician’s workplace.
Without acoustical treatment, there are often ample sound pressure level differences at low frequencies within
the pit. These may lead to discolouration and the masking of soft sounds in the mid frequency range. Addition-
ally, hard surfaces and possible focussing effects within the concave shell may further result into an escalating
intensity adaptation among musicians, involving hampered ensemble play and increased sound exposure levels.
At the example of the orchestra pit of the Deutsche Oper Berlin, a hybrid simulation approach was employed to
simulate and optimize the sound field. A set of constructional measures for lowering the sound exposure levels
of musicians was proposed. These proposals represent a balancing act between sound pressure abatement within
the orchestra pit, improved audibility within the orchestra and the optimal projection of sound energy into the
auditorium.
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ABSTRACT 
This paper presents an investigation of the acoustic treatment effect on fan flutter characteristics. A three-
dimensional model is proposed to predict the unsteady aerodynamic responses of an oscillating rotor in a 
finite-length annular duct with the acoustically treated duct walls. In this model, the aerodynamic couplings 
of oscillating rotor and acoustic liner are analysed in a strict sense by employing the transfer element method, 
with the unsteady aerodynamic loading distribution on rotor blades predicted by the three-dimensional lifting 
surface theory and the liner modelled as equivalent monopole sources distributed on hard wall. Moreover, 
combined with a boundary integral approach, the present model implicitly considers the reflections at duct 
openings, thus the aerodynamic interactions within such a finite-length duct system can be truly determined. 
Within the linear scope, the primary perturbations induced directly by blade oscillation and the scattering 
fields resulted from aerodynamic couplings are superposed to give the total blade loadings, such that the rotor 
flutter stability can be further evaluated by its unsteady aerodynamic work based on the energy method. A 
parametric study for the first-order torsion vibration has been conducted, whose results reveal the noticeable 
impact of the acoustic liner on aeroleastic stability under certain circumstances.  
 
Keywords: Fan flutter stability, Acoustic treatment, Transfer element method 

1. INTRODUCTION 
Extensive research efforts have been paid to fan flutter problems since the middle of last century. 

However, a brake is on the development of blade flutter control due to the great complexities arising 
from the fact that any factors affecting the surrounding flow fields or the aeroelastic characteristics 
of cascade structure are likely to further alter the evolution of this kind of self-excited vibration. 
Passive suppression techniques of cascade flutter, which were comprehensively assessed by 
Bendiksen (1) and have revealed little appreciable breakthroughs in the recent decades, usually come 
with a limited range of utility under the extreme and variable operating conditions of aero engines. 
By contrast, the concept of suppressing fan flutter with the active control of acoustic treatment on 
duct wall (2–4) shows a promising prospective. Zhao and Sun (5) have experimentally achieved the 
active control of duct wall impedance with a kind of perforated liner with adjustable bias flow backed 
up by a hollow cavity of controllable depth, whose impedance characteristics have been investigated 
by considerable theoretical and experimental work (6–9). Then we can expect that, once the in-depth 
knowledge of the aerodynamic impact of acoustically lined wall on fan flutter stability is gained, the 
corresponding control strategy can be devised for flutter suppression purpose. 

Watanabe and Kaji (3) have firstly proven that the change of duct wall impedance could 
considerably change the aerodynamic damping of oscillating blades. However, the three-dimensional 
semi-actuator disk model they used has been excessively simplified. By determining the Green’s 
function for a duct comprised of two parallel infinite flat walls with one of locally reacting impedance, 
Sun and Kaji (4) further investigated the soft wall effect on the aeroelastic stability of a linear cascade. 
Their model cannot take into account the annular effect critical for real compressors or turbines as 
well as the acoustic liners of finite extent. Besides, a troublesome process involved for numerically 
computing the complex eigenvalues for soft walled duct considerably reduces its efficiency. Hence, 
more refined and efficient model is still in urgent demand.  

In this paper, a three-dimensional semi-analytical model is proposed to predict the unsteady 
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aerodynamic responses of an oscillating rotor in a finite-length annular duct with the acoustically 
treated side walls. This model is established based on the transfer element method (10,11), in which 
each segment of a duct is modelled as a response function in a unified matrix form, called transfer 
element. Combined with a boundary integral approach (12), this method can derive an overall matrix 
equation for the entire disturbed field from the continuity conditions imposed on every interface of 
duct segments as well as on inlet and outlet duct terminations. By solving this matrix equation one 
can simultaneously determine the disturbed fields both inside and outside the duct, with the existing 
aerodynamic interactions and the reflections at duct openings thoroughly considered. Moreover, two 
analytical tools have been used to construct the specific transfer elements for rotor and liner, 
respectively. First of all, by using Namba’s three-dimensional lifting surface theory (13), the unsteady 
aerodynamic loadings and the corresponding induced disturbances on blade surfaces in response to 
the oncoming perturbations can be determined from an upwash integral equation. Secondly, by treating 
an impedance wall as the corresponding hard wall distributed with the equivalent monopole of 
fluctuating strength, (14), the scattering effect of finite-length lined section can be effectively 
modelled. Finally, as indicated by the energy method, the possibility of cascade flutter is evaluated by 
the total unsteady aerodynamic work exerted on rotor blades, which is obtained by summing up the 
contributions from both the initial blade oscillation and the aerodynamic couplings of oscillating rotor, 
acoustic liner and duct openings. 

In the following content, a general framework of transfer element will be introduced at first and 
then its tailored forms for rotor and liner will be discussed subsequently. With the other relevant 
theoretical tools briefly introduced, the complete process for establishing the present model will be 
presented. Numerical experiments will be discussed for an improved understanding about how the 
acoustic treatment on duct wall can influence the rotor flutter stability in a finite-length duct. 

2. MODEL AND METHOD DESCRIPTION 

2.1 Model Description 

 
Figure 1 –Finite-length annular duct in question 

In this paper, we consider a subsonic rotor cascade and a downstream lined section on the casing 
in an annular duct of finite axial extent, as shown in Figure 1. The outer and the inner duct radii are 
denoted by 𝑅𝑅𝑑𝑑∗  and 𝑅𝑅ℎ∗ , respectively. With the focus in this paper on the basic insights of the 
aerodynamic impact, on the onset of instabilities, of the partially lined wall upon the aeroelastic 
stability of an oscillating rotor in finite-length duct, the analyses have been developed within the 
linear scope with necessary assumptions made towards flow conditions, cascade geometry and blade 
vibration mode. Suppose the time mean flow is a uniform axial flow without separation, of static 
pressure 𝑝𝑝0∗ , density 𝜌𝜌0∗  and velocity 𝑈𝑈∗ = 𝑀𝑀𝑐𝑐0∗  (where 𝑀𝑀 < 1 is its Mach number and 𝑐𝑐0∗  is the 
sound speed). Hereafter, with the asterisk denoting dimensional quantities omitted, all the quantities 
will be correspondingly scaled with respect to 𝑅𝑅𝑑𝑑∗ , 𝑅𝑅𝑑𝑑∗/𝑈𝑈∗ and 𝜌𝜌0∗𝑈𝑈∗2. Further, consider the unstalled 
rotor rotating with angular velocity Ω  has 𝐵𝐵  identical, equally spaced, zero-thickness blades 
operating at zero mean incident. The 𝐵𝐵 blades are vibrating in a given harmonic mode with the same 
angular frequency Ω𝑠𝑠 but with a constant inter-blade phase lag σ, which gives birth to the excitation 
sources in our problem. All the induced perturbations are small compared to the steady counterparts. 
Also note that the unsteady aerodynamic loadings exerted on rotor blades have been investigated 
under fully three-dimensional consideration instead of subject to any simplifications required by strip 
theories, while the effect of steady blade loadings has been excluded in the entire discussion. 
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2.2 Method of Calculation 
The difficulties in predicting unsteady rotor response in a partially lined duct of finite axial extent 

mainly arise from two respects. Firstly, the disturbances everywhere within a duct are tightly coupled 
and simultaneously changing, subject to all the scatterings of inner components as well as the 
reflections at duct open ends. So one cannot truly determine the disturbed fields unless the response 
function of the entire duct system is constructed as a whole, with all the coupling effects taken into 
account. Secondly, the capability of treating a wall boundary condition of non-uniform impedance is 
required, in the preference for a time-saving process. To these ends, we suggest a semi-analytical 
model developed by using the transfer element method combined with a boundary integral equation, 
in which the three-dimensional lifting surface theory is employed to derive the rotor response function 
while the acoustically lined section is equivalently modelled as a rigid wall with the monopole sources 
of fluctuating strength distributed on it.  
2.2.1 Transfer Element Method 

 

Figure 2 – An arbitrary segment of an annular duct 
As depicted in Figure 2, consider a finite-length segment of an annular duct, denoted by the index 

𝑘𝑘. In the cylindrical coordinates (𝑟𝑟, 𝜑𝜑, 𝑧𝑧) fixed to the duct, the axial coordinates of its front and the 
back interfaces are given by 𝑧𝑧𝑘𝑘  and 𝑧𝑧𝑘𝑘+1 , respectively. As is mentioned earlier, by treating the 
acoustic liners on the casing wall as the equivalent monopole source distributions, the impermeable 
boundary condition is imposed on the entire duct wall, and thus in the present approach the acoustic 
fields are expressed consistently in terms of rigid duct modes. 

Suppose a forward-propagating acoustic wave 𝑝𝑝𝐴𝐴,𝑘𝑘
𝑖𝑖  emanates from certain sources within the 𝑘𝑘th 

duct segment. The primary disturbances transmitting within this segment, i.e., the acoustic wave 𝑝𝑝𝐷𝐷,𝑘𝑘
′  

propagating downstream, the acoustic wave 𝑝𝑝𝐴𝐴,𝑘𝑘
′  propagating upstream and the vortical wave 𝑤𝑤𝐷𝐷,𝑘𝑘

′ , 
whose complex modal coefficients are respectively denoted by 𝐷𝐷𝑚𝑚𝑚𝑚

𝑘𝑘 , 𝐴𝐴𝑚𝑚𝑚𝑚
𝑘𝑘  and 𝑉𝑉𝑚𝑚𝑚𝑚

𝑘𝑘 , further arouse the 
scattering disturbances 𝑝𝑝𝐷𝐷,𝑘𝑘

𝑠𝑠 , 𝑝𝑝𝐴𝐴,𝑘𝑘
𝑠𝑠  and 𝑤𝑤𝐷𝐷,𝑘𝑘

𝑠𝑠  by interacting with its inner structures. Here the 
subscripts D and A are used to indicate the fluctuations propagating downstream and upstream, 
respectively. 𝑚𝑚 denotes the circumferential mode number and 𝑛𝑛 denotes the radial mode number 
(noting that the lowest radial mode is defined as 𝑛𝑛 = 1 in this paper). The adjacent segments, denoted 
by 𝑘𝑘 − 1  and 𝑘𝑘 + 1 , are assumed to be free from any inner sources or scattering effects. The 
continuity conditions of acoustic pressure, axial sound particle velocity as well as circumferential 
vortex velocity on the front and the back interface of the 𝑘𝑘th segment imply 
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It can be proven that the complex modal coefficient 𝑋𝑋𝑚𝑚′𝜇𝜇′
𝑠𝑠,𝑘𝑘  of an arbitrary scattering mode (𝑚𝑚′, 𝜇𝜇) is 

the function of the modal coefficients 𝐶𝐶𝑚𝑚𝑚𝑚
𝑘𝑘  of the primary waves in the form of 
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where ℑ𝐶𝐶𝑚𝑚𝑚𝑚

𝑋𝑋𝑚𝑚′𝜇𝜇′  is referred to as the “scattering multiplier”. It is well-known that the orthogonality of 
the eigenfunctions of a hard-walled duct can transform Eqs. (1) into a series of mode-matching 
equations. Then, we can further define the multiplier of the unknown primary mode coefficient 𝐶𝐶𝑚𝑚𝑚𝑚

𝑘𝑘  
in the resulting mode-matching equations as the “transfer multiplier ℘𝐶𝐶𝑚𝑚𝑚𝑚

𝑘𝑘 ”. All the interface matching 
conditions lead to an overall matrix equation 

 [ ] [ ]mn℘ ⋅ =C I   (3) 
The submatrix [℘𝑘𝑘] of its coefficient matrix, composed of all the transfer multipliers of the unknown 
modal coefficients 𝐶𝐶𝑚𝑚𝑚𝑚

𝑘𝑘   (𝐶𝐶 = 𝐴𝐴,𝐷𝐷 and 𝑉𝑉), is defined as a transfer element. Then we know that once 
the scattering multiplier  ℑ  embodied the inner scatterings of a segment is determined, the 
corresponding transfer element can be obtained subsequently.  

Intuitively, since disturbances propagate in a hollow rigid duct without any scatterings, the 
scattering multipliers will vanish when it comes to an empty duct segment with hard side walls, thus 
leading to the simplest form of the corresponding transfer element. The application of the transfer 
element method to a finite-length segment lined with locally reacting liner has been derived in detail 
in (12), where Eqs. (22-25) can yield the corresponding scattering multipliers. 

Table 1 – Mode and frequency characteristics 

At the oscillating rotor Circumferential mode numbers Frequencies 

Primary waves 𝑚𝑚 = 𝑠𝑠𝐵𝐵 + 𝑉𝑉𝜎𝜎 𝜔𝜔 = Ω𝑠𝑠 +𝑚𝑚Ω 

Scattering waves 𝑚𝑚′ = 𝑠𝑠′𝐵𝐵 + 𝑚𝑚 = (𝑠𝑠 + 𝑠𝑠′)𝐵𝐵 + 𝑉𝑉𝜎𝜎 𝜔𝜔′ = 𝑠𝑠′𝐵𝐵Ω+ 𝜔𝜔 = Ω𝑠𝑠 + 𝑚𝑚′Ω 
Note: the inter-blade phase parameter 𝑉𝑉𝜎𝜎 = 𝜎𝜎𝐵𝐵/2𝜋𝜋.  

Based on the three-dimensional lifting surface theory, the scattering multipliers in the transfer 
element for a rotor of 𝐵𝐵 identical, equally spaced blades in an annular hard-walled duct can be 
written as follow: 

 
0

( ) ( , , ) ( , , , , , , )dm mn

mn
h

R CaX C
C X aR

z p r z K r r z z B C m dz drµ ω ω µ′ ′ ′ ′ ′ ′ ′ ′ ′ℑ = ∆ ⋅ − ⋅∫ ∫   (4) 

where 𝐶𝐶/𝑋𝑋 = 𝐷𝐷,𝐴𝐴 and 𝑉𝑉 and 𝐶𝐶𝑎𝑎  denotes the axial length of blade chord, which is assumed to be 
constant along the blade span. The coordinates of source point and observation point in the cylindrical 
frame of reference fixed to the duct are respectively given by (𝑟𝑟′, 𝜑𝜑′, 𝑧𝑧′) and (𝑟𝑟, 𝜑𝜑, 𝑧𝑧). △ 𝑝𝑝𝐶𝐶𝑚𝑚𝑚𝑚 is 
the unsteady blade loading on rotor blade surface resulted from the primary mode (𝑚𝑚,𝑛𝑛) of the 
upwash disturbance (𝑝𝑝𝐷𝐷,𝑘𝑘

′ , 𝑝𝑝𝐴𝐴,𝑘𝑘
′  or 𝑤𝑤𝐷𝐷,𝑘𝑘

′ ) with the incident frequency ω and the modal coefficient 
equal to unit. Moreover, the kernel function 𝐾𝐾𝑋𝑋 indeed denotes the mode coefficient 𝑋𝑋𝑚𝑚′𝜇𝜇′  of the 
scattering disturbances induced by a row of pressure dipoles of unit fluctuating amplitude.  

It is known that the circumferential mode numbers and the angular frequencies of the scattering 
waves generated at such a rotor are related to those of the primary disturbances by  

 m s B m
s Bω ω

′ ′= +
′ ′= + Ω

  (5) 

Therefore, it can be proven that both the primary disturbances and the scattering disturbances 
generated at the oscillating rotor in question are comprised of an infinity number of the modal 
components in the uniform mode and frequency characteristics shown in Table 1. 

So far, all the scattering multipliers for the duct segments involved in the present model have been 
briefly discussed, and the relevant transfer elements can be built up correspondingly.  
2.2.2 Boundary Integral Equation 

In order to match the disturbed fields inside of the duct with the radiation fields outside of it, the 
matching conditions on the duct openings based on the classic Helmholtz integral (14) 

 
0

0( , ) ( )( ) ( ) ( ) ( , ) ( )
S

G P Q QC P p P Q G P Q dS Q
n n

 ∂ ∂Ψ
= Ψ − ⋅ ∂ ∂ 
∫   (6) 

where the velocity potential Ψ = 𝑝𝑝′𝑒𝑒−𝑖𝑖𝑘𝑘0𝑀𝑀𝑀𝑀/(1−𝑀𝑀2) (𝑘𝑘0 = 𝜔𝜔 𝑐𝑐0⁄ )  and 𝐺𝐺0  is the free-space Green’s 
function, is applied in combination with the transfer element matrix in Eq. (3) to construct an overall 
response function of the duct system in a matrix form (10).  
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2.2.3 Upwash Velocity 
Assuming all the blades are vibrating harmonically with the same angular frequency Ω𝑠𝑠, the blade 

displacement function ξ(𝑟𝑟′, 𝑧𝑧′) in this paper is chosen to be exactly the same with Eq. (24) in Ref.(15): 

 ( ) ( )2 2( , ) ( ) / 1 / ( ) ( ) 1 /a er z H C h r r U r z z r Uα βξ θ= ⋅ ⋅ + Ω + Θ ⋅ ⋅ − ⋅ + Ω   (7) 

The first term on the right-hand side of Eq. (7) represents the blade displacement due to the bending 
vibration of order 𝛼𝛼 while the second term is contributed by the torsion vibration of order 𝛽𝛽. The 
normalized radial distribution functions of the bending vibration and the torsion vibration are ℎ𝛼𝛼(𝑟𝑟) 
and 𝜃𝜃𝛽𝛽(𝑟𝑟), and the complex vibration amplitudes are 𝐻𝐻  and Θ, respectively. In this paper, the 
torsional axis 𝑧𝑧 = 𝑧𝑧𝑒𝑒 is assumed to be located on the mid-chord position. Taking the blade oscillation 
in the given manner ξ(𝑟𝑟, z)𝑒𝑒𝑖𝑖Ω𝑠𝑠𝑡𝑡+(𝑗𝑗−1)𝜎𝜎 (𝑗𝑗 = 1,⋯ ,𝐵𝐵) as the excitation source, the upwash velocity of 
the disturbances acting on rotor blade surfaces can then be determined by  

 ( 1)
ˆ D ( , ) / Dsi jr z e τ σ
ϕ ξ τΩ + − ′ ′ = ⋅ u   (8) 

2.2.4 Unsteady aerodynamic work 
With Namba’s definition (15) of the complex work coefficient 

 2 2 2

0
1 / ( , ) ( , )d a

h

R C

w R
C r U p r z r z dzdrπ ξ= + Ω ⋅ ⋅∫ ∫ 

  (9) 

introduced to the present model, the likelihood of cascade flutter can be predicted by its imaginary 
part Im[𝐶𝐶𝑤𝑤] (here the overline represent complex conjugate while Re[ ∙ ] and Im[ ∙ ] in this paper 
denote the real and the imaginary parts of a complex value, respectively). Indeed, Im[𝐶𝐶𝑤𝑤] is the 
unsteady aerodynamic work exerted on rotor blade during one period of blade oscillation, thus referred 
to as the unsteady aerodynamic work coefficient. According to the energy method, the cascade can 
maintain stable if Im[𝐶𝐶𝑤𝑤] < 0; otherwise, a flutter is expected. 

3. RESULTS AND DISCUSSION 

3.1 Case Configuration 
For illustrative purpose, a subsonic rotor subject to the first-order torsion vibration (i.e., β = 1 

and 𝐻𝐻 = 0 in Eq. (7)) is considered in this paper. The case configurations are given as follow: 𝑅𝑅ℎ =
0.2  and 𝑅𝑅𝑑𝑑 = 1 ; 𝑀𝑀 = 0.35 ; Ω = 2.4744 , 𝐵𝐵 = 30 , 𝐶𝐶𝑎𝑎 = 0.2  and Ω𝑠𝑠𝐶𝐶𝑎𝑎 = 0.5 ; the complex 
amplitude of the torsion vibration Θ = 𝑒𝑒𝑖𝑖Φ  where Φ = −10° . Four transfer elements should be 
constructed respectively for the four duct segemnts depicted in Figure 1, i.e., the inlet segment empty 
with hard walls, the second segment containing the oscillating rotor, the third segment containing a 
locally reacting liner and the outlet segment empty with the hard walls. Their default axial lengths are 
𝐿𝐿𝑖𝑖𝑚𝑚 = 3𝐶𝐶𝑎𝑎 , 𝐿𝐿𝑅𝑅 = 𝐶𝐶𝑎𝑎, 𝐿𝐿𝑙𝑙𝑖𝑖𝑚𝑚𝑒𝑒𝑙𝑙 = 2𝐶𝐶𝑎𝑎  and 𝐿𝐿𝑜𝑜𝑜𝑜𝑡𝑡 = 𝐶𝐶𝑎𝑎 , respectively. Two inter-blade phase parameters are 
investigated in this work: first, 𝑉𝑉𝜎𝜎 = 1 where only the lowest radial, first circumferential mode (i.e., 
𝑚𝑚 = 1,𝑛𝑛 = 1) is cut-on in the hard-walled duct of infinite axial extent, and second, 𝑉𝑉𝜎𝜎 = 2 where all 
the hard-walled duct modes are cut-off. 

3.2 Numerical Experiments 
Figure 3 shows the unsteady aerodynamic work coefficient Im[𝐶𝐶𝑤𝑤] plotted against the variation 

of the liner reactance Im[𝑍𝑍𝑠𝑠] with its resistance Re[𝑍𝑍𝑠𝑠] held constant as 0.01, 0.10, 0.50, 1.00 and 
3.00, respectively. The impedance ranges in these two plots are given to be very broad, out of 
aeroelastic stability concern rather than any practical acoustic consideration. For the oscillating rotor 
of concern in the finite-length hard-walled duct, the unsteady aerodynamic work coefficient Im[𝐶𝐶𝑤𝑤] =
0.02071 with 𝑉𝑉𝜎𝜎 = 1. With the liner added on the casing, a critical value of the specific reactance 
around -2.4 is found in Figure 3(a). Within a proper range, where the reactance is smaller than the 
critical value, the rotor which would flutter in the rigid duct can remain stable with the stabilizing 
effect of the liner; otherwise, the rotor will flutter and the existence of the liner may even considerably 
exaggerate the unbalance of the unsteady aerodynamic blade loading distribution due to blade 
oscillation. For 𝑉𝑉𝜎𝜎 = 2, the rotor is deeply unstable in the finite-length rigid wall, where Im[𝐶𝐶𝑤𝑤] =
0.2579. As shown in Figure 3(b), with the liner placed on the prescribed section of a small resistance 
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and a favourable specific reactance around -3, the rotor is predicted to be effectively stabilized for 
𝑉𝑉𝜎𝜎 = 2.    

 
Figure 3 – Variation of Im[𝐶𝐶𝑤𝑤] against the change of the specific impedance 𝑍𝑍𝑠𝑠: (a) 𝑉𝑉𝜎𝜎 = 1; (b) 𝑉𝑉𝜎𝜎 = 2. 

Moreover, the unsteady aerodynamic responses of the oscillating rotor is found to be very sensitive 
to the reactance change when the specific resistance is small. When 𝑍𝑍𝑠𝑠 = 0.01, as the reactance varies 
from -5 to 5, an oscillating curve of Im[𝐶𝐶𝑤𝑤] is observed both in Figure 3(a) for 𝑉𝑉𝜎𝜎 = 1 and in Figure 
3(b) for 𝑉𝑉𝜎𝜎 = 2. With the resistance increasing to 0.10, the drastic oscillation of unsteady aerodynamic 
work against the increase of the reactance is damped a little, while the reactance values corresponding 
to those peaks appearing in the curves almost remain unchanged. With the resistance further increased 
up to 0.50, 1.00 and 3.00, the curves of Im[𝐶𝐶𝑤𝑤] become smooth. Moreover, larger the resistance is, 
weaker the liner impact upon the rotor responses becomes. Therefore, we guest the phase change of 
disturbances, which is usually more sensitive to reactance than resistance and turns out to be evident 
only if less disturbances are absorbed on the liner surface, may take a dominant role in the actual 
effect of the aerodynamic interactions between oscillating rotor and acoustic liner on flutter stability.  

To further investigate the influence of phase shift as well as mode propagation characteristics on 
this issue, the predictions have also been made by numerically changing the rotor-liner gap as well as 
the axial length of the liner. For the calculations based on the varying gap, an additional hard-walled 
hollow segment of the axial length 𝐿𝐿𝑔𝑔𝑎𝑎𝑔𝑔 is introduced between the rotor and the liner, with 𝐿𝐿𝑖𝑖𝑚𝑚 =
3𝐶𝐶𝑎𝑎 , 𝐿𝐿𝑅𝑅 = 𝐶𝐶𝑎𝑎 , 𝐿𝐿𝑙𝑙𝑖𝑖𝑚𝑚𝑒𝑒𝑙𝑙 = 2𝐶𝐶𝑎𝑎  and 𝐿𝐿𝑜𝑜𝑜𝑜𝑡𝑡 = 𝐶𝐶𝑎𝑎  kept constant. And when the axial length of the liner 
𝐿𝐿𝑙𝑙𝑖𝑖𝑚𝑚𝑒𝑒𝑙𝑙  is changed, we still take 𝐿𝐿𝑖𝑖𝑚𝑚 = 3𝐶𝐶𝑎𝑎 , 𝐿𝐿𝑅𝑅 = 𝐶𝐶𝑎𝑎 and 𝐿𝐿𝑜𝑜𝑜𝑜𝑡𝑡 = 𝐶𝐶𝑎𝑎 . Firstly, for 𝑉𝑉𝜎𝜎 = 1 with the liner 
of the specific impedance 𝑍𝑍𝑠𝑠 = (0.01,−0.36), the dependencies of Im[𝐶𝐶𝑤𝑤] upon the rotor-liner gap 
and the liner length are shown in Figure 4, where and the results obtained for the infinitely long duct 
(denoted by ILD) and those for the finite-length duct (denoted by FLD) are presented in comparison. 
In a similar fashion, Figure 5 shows the corresponding results for 𝑉𝑉𝜎𝜎 = 2 with 𝑍𝑍𝑠𝑠 = (0.1,−3.0).  

For 𝑉𝑉𝜎𝜎 = 1, the mode of 𝑚𝑚 = 1 and  𝑛𝑛 = 1 is cut-on in the duct with entirely rigid walls. By 
gradually increasing the gap, the phase of the disturbances incident onto the lined section will change 
sinusoidally, which justifies the periodicity observed in Figure 4(a). Besides, the change of the rotor’s 
unsteady aerodynamic work against the increase of the liner length also reveals a quasi-sinusoidal 
pattern, whose periodicity is likely due to the relatively evident effect of the reactance embodied by 
the phase shift while the small but finite resistance may contribute to its slowly decreasing amplitude.  

For 𝑉𝑉𝜎𝜎 = 2, where all the modes generated in the hard-walled duct are cut-off, when the gap 
between the rotor and the liner is not too large, the decaying primary disturbances emitted at the rotor 
cascade can still arrive at the liner segment and further arouse the scattering waves by interacting with 
the lined wall. If the scattering fields can significantly alter the primary blade loading distribution, a 
stabilizing or destabilizing effect will be observed. On the other hand, since all the primary 
disturbances of cut-off modes will attenuate exponentially on their way to the acoustically lined wall, 
if the rotor-liner gap is large enough, the liner cannot affect the rotor responses anymore, which is 
exactly consistent with the results given in Figure 5(a). Besides, remarkable quasi-periodic change of 
the unsteady aerodynamic work against the increase of 𝐿𝐿𝑙𝑙𝑖𝑖𝑚𝑚𝑒𝑒𝑙𝑙  is observed in Figure 5(b) with 𝑉𝑉𝜎𝜎 = 2 
and 𝑍𝑍𝑠𝑠 = (0.1,−3.0). One possible reason behind it can be the modification of mode propagation 
characteristics in a duct with the side walls of considerable lined area, compared with the duct of the 
same geometry but with entirely hard walls.  
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Figure 4 – Dependency of Im[𝐶𝐶𝑤𝑤] on (a) the rotor-liner gap and (b) the axial length of the liner, with 𝑍𝑍𝑠𝑠 =

(0.01,−0.36), 𝑉𝑉𝜎𝜎 = 1. 

 
Figure 5 –Dependency of Im[𝐶𝐶𝑤𝑤] on (a) the rotor-liner gap and (b) the axial length of the liner, with 𝑍𝑍𝑠𝑠 =

(0.1,−3.0), 𝑉𝑉𝜎𝜎 = 2. 
Furthermore, the remarkable derivations of the results obtained for the finite-length duct from 

those obtained for the duct of infinite axial extent have been observed for all the predictions of Im[𝐶𝐶𝑤𝑤] 
in Figures 4 and 5. This implies that the effect of acoustic treatment on fan flutter stability is strongly 
affected by the reflections at duct openings. Besides, it is found that the difference in Im[𝐶𝐶𝑤𝑤] are not 
a constant as the liner distribution changes, which indicates there is a coupling effect of the 
acoustically treated wall and the duct terminations. Since the unsteady aerodynamic responses of fan 
blades in a real engine nacelle are subject to the mutual acoustic couplings with both the acoustically 
treated side walls and the duct terminations, implementing the boundary conditions reflecting the 
physical essence is then of vital importance for the accurate fan flutter predictions. 

4. CONCLUSIONS 
Primarily on the basis of the transfer element method, a semi-analytical model is developed in this 

paper to predict the unsteady aerodynamic responses of an oscillating rotor in a partially lined annular 
duct of finite axial extent. A parametric study exploring the space of acoustic impedance and liner 
distribution has been performed. Under certain circumstance, both the stabilizing and the destabilizing 
effects of the acoustically lined section on the rotor flutter stability have been observed, where the 
duct end reflections are found to play a crucial role. In most cases, the impact of a liner turns out to 
be evident only when its resistance is small, and under such condition the unsteady aerodynamic 
responses of the oscillating rotor is found to be very susceptive to the reactance variation. It is the 
combined condition of duct geometry, the structural and aerodynamic state of rotor as well as the 
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configurations of acoustic treatment that mutually determines the actual impact of acoustic treatment 
on the flutter stability of a ducted fan. 
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Abstract
This paper presents an immersed boundary method for fluid–structure–acoustics interactions involving complex
boundaries at low Reynolds numbers. In this method, the compressible Navier–Stokes equations are considered,
where a fifth-order accuracy Weighted Essentially Non-Oscillation (WENO) scheme and a fourth-order central
difference scheme are adopted to discretize the convective and diffusion terms, respectively. The third-order
Runge-Kutta method is used for the temporal discretization. The non-linear flexible structure immersed in the
fluid is numerically solved by using a finite element method. By using a penalty immersed boundary method,
the no-slip boundary between the fluid and the structure is achieved. Acoustic waves scattering benchmark
problems and sound generation by a micro flapping vehicle are presented to validate the present solver. Com-
parisons with the published data are presented to demonstrate the good performance of the present method in
modelling acoustics. The capability of using this method to study the sound generation by flapping plates is also
demonstrated.

Keywords: Fluid–structure interaction, Immersed boundary method, Large deformation, Acoustics

1 INTRODUCTION
Flow-induced sound extensively exists in engineering applications, such as aviation technologies [1], ventila-

tion [2] and biomechanics [3]. Direct numerical simulation that solves the compressible Navier-Stokes equations

is an effective method for computational aeroacoustics (CAA). In the traditional computatiaonl fluid dynamics

(CFD), conformal mesh is generally used [4], which is time consuming especially when handling fluid–structure

interaction (FSI) problems involving large deformations. The immersed boundary (IB) method developed by

Peskin [5] has proven to be an efficient method for this type of FSI simulations. By using this method, the

conformal mesh is not needed and the regeneration of mesh is also avoided. Because of its simple boundary

treatment, IB method has gained popularity for a wide range of applications [6, 7]. Penalty IB (pIB) is a typical

IB method [8] where the IB is conceptually split into two Lagrangian components: one component is massless

and interacts with the fluid exactly as the traditional IB method, and the other component carrying mass is

connected to the massless component by virtual stiff springs. However, most of the previous studies based on

IB method focus on FSI problems without acoustics [9, 10, 11, 12]. Sun et al. presented an IB method which

considers the linear Euler equations for acoustic scattering modeling [13], but the viscosity of the fluid is not

considered.

Here, an immersed boundary method for fluid–structure–acoustics interactions involving complex boundaries at

low Reynolds numbers are presented. The organization of the paper is as follows. The numerical approach is

briefly introduced in Section 2. Two validations including acoustic waves scattered by a stationary cylinder and

sound generation by a micro flapping vehicle are presented in Section 3. The final conclusions are given in
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Section 4.

2 NUMERICAL METHOD
In this section, the in-house solver used will be introduced briefly, and the details can be found in our previous

work [12, 14]. In this method, the compressible fluid flow, structural dynamics and fluid–structure interaction

between them are considered. The structure is assumed to be elastic and its dynamics is governed by the

following non-linear equation

ρs
∂X
∂ t

+
∂
∂ s

[
(KS|∂X

∂ s
|−1)

∂X
∂ s

]
+KB

∂X4

∂ s4
= Ff , (1)

where X is the Lagrangian coordinates of the flexible beam, ρs is linear density, KS and KB are respectively

the stretching and bending rigidity, s is the arc coordinate, and F f is the external force acting on the beam.

Absolute nodal coordinates formulation proposed by Shabana [15] is adopted in the structure solver to solve

Eq. (1).

The flow dynamics is governed by the two-dimensional compressible viscous Navier–Stokes equations

∂Q
∂ t

+
∂F
∂x

+
∂G
∂y

+
1

Re
(

∂Fu

∂x
+

∂Gv

∂y
) = S, (2)

where Q= [ρ,ρu,ρv,E]T , F = [ρu,ρu2+P,ρuv,(E+P)u]T , G= [ρv,ρuv,ρv2+P,(E+P)v]T , Fu = [0,τxx,τxy,bx]
T ,

Gv = [0,τxy,τyy,by]
T , bx = uτxx + vτxy,by = uτxy + vτyy. ρ is the fluid density, u, v and w are respectively the

three velocity components, P is the pressure, E is the total energy, S is a general source term including the

IB-imposed Eulerian force and other body forces, Re is the Reynolds number, and τi j is the shear stress.

In the fluid solver, the fifth-order accuracy WENO scheme proposed by Liu et al. [16] is employed for the

spatial discretization of the convective term. For the viscous term, a fourth-order central difference scheme is

used to discretize the spatial derivatives. For all unsteady equations in the flow solver, the third-order TVD

Runge-Kutta method is used for time discretization. The dynamics of the fluid and flexible structures are solved

independently and the interaction force is calculated explicitly using a feedback law based on the pIB method.

3 VALIDATIONS AND APPLICATIONS
3.1 Acoustics wave scattered by a stationary cylinder
In order to verify the accuracy of the method in simulating the acoustic problem, acoustic wave scattered from a

stationary cylinder is validated against the published data [17]. In this problem, a rigid cylinder with a diameter

of D = 1.0 is fixed with its center at (0, 0). The initial conditions are localized perturbations of the Gaussian

distribution of pressure P,

P = εexp[−ln(2)
(x−4)2 + y2

0.04
] (3)

where ε = 10−3. The initial density and pressure are respectively 1.0 and 1/γ (the adiabatic coefficient γ = 1.4),

and the initial velocity of the fluid is zero.

We used a uniform Cartesian mesh over a computational domain of (16D× 12D) with three different mesh

spacings: D/100, D/50 and D/25. The time histories of the fluctuation pressure, Δp = P− p0 where P and p0

are respectively the current and initial pressure, from a numerical probe located at (2, 0) are plotted in Fig. 1

along with the exact results reported in Ref. [17]. According to the comparisons in Fig. 1, all the three mesh

spacings can well capture the fluctuating pressure, and the small discrepancies depicted in the scaled up figures

can be diminished when the mesh size is D/100.

Comparison of Δp contours obtained by Bailoor et al. [18] and this study at the time of 6.0 in Fig. 2 shows

that the collision, merge and reflection of the acoustic waves are well captured by our numerical method.
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Figure 1. Time histories of the fluctuating pressure measured at (2,0).

Figure 2. Fluctuating pressure at t = 6 obtained by Bailoor et al. [18] (left) and the present simulation (right).

The contour level ranges from −2.0×10−5 to 2.0×10−5.

3.2 Sound generation by a micro flapping vehicle
Here, a micro flapping vehicle in hovering flight is considered to validate the current solver in handling moving

body with relatively complex geometry configuration. The schematic of the problem is shown in Fig. 3. A

circular cylinder (body) with a diameter of 0.5L, and two elliptic cylinders (wings) with the dimensions of L
and 0.4L are used to model the micro flapping vehicle. The two wings flap symmetrically, and the flapping

motion of the wings is prescribed by

α(t) = α0[1+ sin(2π f t)], (4)

where the amplitude of the flapping angle α0 is 25.3o and f is the flapping frequency. The Reynolds number

defined by ρ fUmaxL/μ is 200, where Umax is the maximum wing tip velocity. The Strouhal number defined by

f L/Umax is 0.25, and the Mach number based on Umax is 0.1. The computational domain extends from (−100L,

−100L) to (100L, 100L), with 50 points to resolve the wing length.

A direct comparison of the lifts generated by the body and wing is shown in Fig. 4. It is found that these results
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Figure 3. Schematic of the prescribed flapping motion of a micro flapping vehicle.
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Figure 4. Sound generation by a micro flapping vehicle in hovering flight: comparison of the lift generated by

the wing and body.
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Figure 5. Sound generation by a micro flapping vehicle in hovering flight: comparison of the root-mean-square

of fluctuating pressure measured at a distance of 50L.
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Figure 6. Schematic of a rigid (left) and flexible (right) foil flapping in a uniform flow.

agree well with the data from Ref. [19]. The fluctuating pressure Δ p̃ is defined by Δ p̃(x,y, t) = Δp(x,y, t)−
Δ p̄(x,y), where Δp denotes the total fluctuating pressure and p̄ is the time average pressure. Δp = p− p∞ with

p∞ being the ambient pressure. Good agreements of the root-mean-square of fluctuating pressure measured at

a distance of 50L shown in Fig. 5 confirm the good performance of the current method in handling acoustics

involving complex moving geometries.

3.3 Sound generation by a flexible flapping plate
Here, the acoustic perturbations induced by flapping foils in forward flight are considered, as shown in Fig. 6 [20].

The foil is clamped at the leading edge, and the clamping device undergoes a combined translational and rota-

tional motions, given by [20]

X0(t) =
A0

2
cos(2π f t)[cosβ ,sinβ ],

α(t) =
αm

2
sin(2π f t +φ).

(5)

where A0 is the translational amplitude, f is the flapping frequency, αm is the rotation amplitude, and β is the

angle between the stroke plane and the horizontal plane. The phase difference (φ ) is 0.

The non-dimensional parameters including the flapping amplitude, Reynolds number, inlet velocity, Mach num-

ber, mass ratio and frequency ratio that control this problem are given respectively by

A0

L
, Re =

ρ fUL
μ

, Ur =
U0

U
, M =

πU
2c

, m∗ =
ρs

ρ f L
, ω∗ =

2π f
ωn

, (6)

where L is the chord length, U = 2 f A0 is the average translational velocity of the leading edge, f is the flapping

frequency of the foil, c is the sound speed of the fluid, ρ f is the fluid density, ρs is the linear density of the

foil, and ωn = k2
n/L2

√
EB/ρs with kn = 1.8751 (the frequency of the first natural vibration mode of the wing

with fixed leading edge) and EB being the bending rigidity. Here, Re=100, m∗= 5.0 and Ur = 0.4. The thrust,

lift and power coefficients are defined as

CT =
2FT

ρ fU2L
, CL =

2FL

ρ fU2L
, Cp =

−2
∫ L

0 F f · vdl
ρ fU3L

, (7)

where FT and FL are respectively the thrust and lift force acting on the foil by the ambient fluid, F f is the

hydrodynamic traction on the foil, and v is the velocity of the foil. The fluctuating pressure Δ p̃ is defined in the

same way in Section 3.2. All the pressures presented afterwards are scaled by the fluid density ρ f and sound

speed c.

In order to compare the sound generation of rigid and flexible foils, the polar diagrams of the root-mean-square

of Δp̃ measured at r = 30L are presented in Fig. 7. As shown in Fig. 7 (a) and (c), Δ p̃ generated by the

rigid plate and NACA0015 foil distributes symmetrically about the stroke plane (indicated by the dashed line
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Figure 7. Flapping foils in forward flight: root-mean-square of Δ p̃ measured at r = 30L: (a) rigid plate, (b)

flexible plate and (c) NACA0015 foil. Re=100, M = 0.1, Ur = 0.4, A0/L = 1.25 and αm = π/4. The dashed

lines indicate the directions of the stroke planes.

in Fig. 7 (a) and (c)). However, Fig. 7 (b) shows that the distribution of the fluctuating pressure generated by

the flexible foil is asymmetrical. An evident shift (about 15o anticlockwise) is observed, as shown in Fig. 7

(b). As analyzed in Ref. [20], the deformation of the flexible plate during upstroke is higher than that during

downstroke, due to the presence of free stream. Obviously, this sound shift is introduced by the asymmetrical

deformation of the foil. Fig. 7 also shows that the flexible plate generates the largest fluctuating pressure,

which is significantly larger (up to 50%) than that generated by the rigid plate and NACA0015 foil. The results

indicate that the flexibility influences the sound generation significantly. The effects of geometrical shape on the

sound amplitudes are much smaller. In addition, it is found that the fluctuating pressure on the lower section

is larger than that on the upper section. A reasonable explanation is that the lower section is located on the

windward side and the upper section is on the leeward side.

4 CONCLUSIONS
An immersed boundary method for fluid–structure–acoustics interactions involving complex boundaries at low

Reynolds numbers is presented. In this method, the compressible Navier–Stokes equations and the non-linear

flexible structure immersed in the fluid are numerically solved by using a finite difference method and a finite

element method, respectively. By using a penalty immersed boundary method, the no-slip boundary between the

fluid and the structure is achieved. Comparisons with the published data indicate the good performance of this

method in modelling acoustics for acoustic waves scattering by a rigid cylinder and the sound generation by a

micro flapping vehicle. The capability of this method to study the sound generation by flapping plates is also

demonstrated.
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Theoretical model for the prediction of sound radiated from 
unbaffled long enclosure with ground effect 
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ABSTRACT 
A theoretical model is presented for the prediction of sound radiated from an unbaffled long enclosure with 
ground effect. This geometrical arrangement forms an idealized representation of traffic facilities such as 
tunnels and railway stations where sound propagates along the enclosures and radiates to the outside through 
the openings at both ends. The sound fields inside and outside the enclosures should be accurately predicted 
and thoroughly analyzed so as to determine an appropriate noise control strategy. In this paper, the Fourier 
transform technique and the mode matching method are firstly applied to transform the intractable boundary 
value problem into a scalar modified Wiener-Hopf equation. The solution of which contains infinitely many 
unknowns satisfying infinite linear algebraic equations susceptible to numerical treatment. Good agreement 
is found between the solutions obtained by the finite element method (FEM) and the proposed technique in a 
wide frequency range. Then, the far-field directivity patterns of the outside acoustic fields are emphatically 
illustrated and the formation mechanisms of lobes, zeros and the after radiation are discussed in details. In the 
end, the advantages and the application prospects of the proposed method are summarized. 
 
Keywords: Sound radiation, Unbaffled long enclosure, Wiener-Hopf technique 

1. INTRODUCTION 
In order to predict and control the noise level inside tunnels and railway stations, much attention 

has been focused in recent years on the mechanisms of sound propagation and dissipation inside long 
enclosures (1). Hard rough surfaces (2) and sound-absorbing materials (3) are found to be effective in 
reducing this kind of noise. However, in literatures, the enclosures were usually assumed to be infinite 
long and only the sound field deep inside the enclosures were considered. Reflection waves due to the 
abrupt size change of the openings were ignored which should be taken into consideration in practical 
applications as they contribute significantly to the total sound field especially near the opening. 

As the noise is difficult to be transmitted outside through the wall, it will concentrate at both ends 
of the long enclosures and radiate to the outside through the portals. If there are residents nearby, their 
living conditions will be severely deteriorated. Under such circumstance, the pollution caused by the 
radiated sound become prominent. When the prediction of sound level radiated from long enclosures is 
required, recourses are often made to simplify the geometry in which the openings are imagined to be 
surrounded by infinite baffle, thereby eliminating the diffraction effect of edge. In this condition, the 
Rayleigh integral (4) can be applied. However, it is only available to calculate the sound field in front 
of the opening while the radiation to the back side which is heavily influenced by the edge diffraction 
cannot be predicted. Besides, the model assumes that the outside region is free field, while in practical 
tunnels, the ground cannot be ignored which divides the total acoustic domain into a semi-infinite one 
and makes the problem more complicated. 

The main difference between the problem at hand and that in the literatures is that the unbaffled 
opening of the long enclosure and the ground effect are taken into account simultaneously in order to 
model the real traffic facilities. However, due to the geometrical complexity, this boundary value 
problem cannot be solved analytically for the lack of known conditions in the natural domain. During 
the past decades, several attempts were done by researchers to find the solution of the problem from 
different perspectives. In 1998, the Research Committee of Road Traffic Noise in Acoustic Society of 
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Japan established the ASJ model (5) to predict the sound radiated from tunnel opening based on the 
principal of energy conservation. However, it can only be applied as an approximate approach for 
engineering applications as the correction terms for the edge diffraction and the ground effect in the 
model are either from experimental data or empirical formula (6). In addition, numerical methods 
based on the FEM (7, 8) were proposed to transform the semi-infinite acoustic domain outside the 
enclosure into a waveguide one by introducing a perfectly matched layer (PML) outside the original 
geometry. Then, the radiated sound field can be easily obtained through the traditional mode matching 
method. However, their computational efficiency are limited by the size of the geometry which limits 
their application in dealing with problems regarding traffic noise.  

Wiener-Hopf technique is fairly a standard method to solve certain type of linear partial differential 
equations subjected to mixed boundary conditions on semi-infinite geometries. The exact solution to 
the problem of plane wave radiation from a cylindrical duct to the free field was obtained using the 
method by H. Levine (9). Then, it was extensively applied to solve problems regarding sound radiation 
from waveguide (10). Based on the existing literatures, we try to extend its application to obtain the 
explicit solution of the sound fields inside and outside a semi-infinite long enclosure. In the model, the 
unbaffled opening as well as the ground effect will be considered simultaneously which are seldom 
addressed before. In addition, the accuracy and efficiency of the proposed method will be compared 
with the FEM to highlight its availability and advantages in predicting traffic noise. 

2. FORMULATION 

2.1 Boundary Value Problem  
Consider a two-dimensional semi-infinite long enclosure as shown in Figure 1. The thickness of the 

wall is zero and all the surfaces are assumed to be acoustical rigid for simplicity. The origin of the 
coordinate system is at the intersection of the opening and the ground. Imaginary interfaces I and II are 
depicted for analysis convenience. They divide the total sound field into three sub-regions A, B and C 
which will be analyzed separately later. 

 

Figure 1 – Schematic diagram of sound radiation from unbaffled long enclosure with ground 

The total sound pressure field can be expressed by the following piecewise function 

  
    
     
   

, , ,

, , , , 0 0,

, 0, 0,

A y

T i B y

C y

p x y x y L

p x y p x y p x y x y L

p x y x y L

             


     







 (1) 

where yL denotes the height of the outer wall. ( , )Ap x y , ( , )Bp x y and ( , )Cp x y stand for the scattered sound 
fields in sub-regions A, B and C, respectively. Assume that a plane acoustic wave is incident from the 
left-hand side of the long enclosure which is given by  

  , ikx
ip x y e  (2) 

where k denotes the free space wave number. The time dependent factor i te  with being the angular 
frequency is well known and will be suppressed throughout. Noted that in any physical medium, loss 
is inevitable. Therefore, the ideal lossless medium which is often used in theoretical analysis, can be 
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regarded as the limiting case with vanishingly small loss. It is convenient to retain a small but nonzero 
loss in the model for further study, namely, let 
 1 2 1 2, 0k k ik k k    (3) 

So, the purely lossless medium is considered as the limiting case when 2k tends to be zero. The total 
sound field satisfies the Helmholtz equation 
    2 2, , 0T Tp x y k p x y    (4) 

where 2 denotes the two-dimensional Laplace operator. The total sound field is to be determined by 
the boundary conditions at the surfaces 

    , 0, ,0A yp x L y x      (5) 

    , 0 , , 0B yp x L y x      (6) 

    , 0 0, ,0Bp x y x      (7) 

    , 0 0, 0,Cp x y x      (8) 
the continuity relations at the imaginary interface I 

      , , , 0,A y C yp x L p x L x    (9) 

      , , , 0,A y C yp x L y p x L y x        (10) 

and the continuity relations at the imaginary interface II 

      0, 0, 0, , 0,i B C yp y p y p y y L       (11) 

      0, 0, 0, , 0,i B C yp y p y x p y x y L             (12) 

The acoustic field of interest involves boundaries at infinity and geometrical singularity at the edge 
which may give rise to several mathematically acceptable solutions of the Helmholtz equation. Only 
one of them, however, is consistent with the anticipated physical phenomenon. In order to ensure the 
uniqueness of the solution, the Sommerfeld radiation condition at infinity 

     2 2lim , , 0,T Tr
r p r r ikp r r x y 


         (13) 

should be satisfied. Besides, according to the edge condition, the acoustic energy stored in any finite 
neighborhood of the edge must be finite (11).  

Up to now, the boundary value problem has been well described in the natural domain. Due to the 
existence of semi-infinite region, however, the solution cannot be directly obtained. The Wiener-Hopf 
technique in conjunction with the mode matching method will be applied to transform the intractable 
problem into the spectral domain and obtain the Wiener- Hopf equation which can be solved through 
analytic continuation procedures. Essentially, this mixed method depends on expanding the sound 
field inside the enclosure by normal modes and applying the Fourier transform technique elsewhere 
which permits us to obtain the solution by the continuous relations at the opening. 

2.2 Wiener-Hopf Equation and Its Solution 
When applying the Wiener-Hopf technique, the Fourier integral and its inverse transformation are 

required which are defined as follows 

        1
, , , , ,

2
i x i xF y f x y e dx f x y F y e d   



 


 

    (14) 

where ( , )f x y stands for arbitrary function in the natural domain and ( , )F y denotes the corresponding 
transformed function in the spectral domain. In Eq.(14), the complex parameter i    is the Fourier 
transform variable. Since ( , )Ap x y satisfies the Helmholtz equation, its Fourier transform with respect 
to x gives 
      2 2 2, , 0A AP y y K P y       (15) 

where   2 2K k   . The sound pressure of region A in the spectral domain can be divided into two 

parts based on the definition of half range Fourier transform as 

          
0

0

, , , , ,i x i x
A A A A AP y P y P y p x y e dx p x y e dx   


   



      (16) 

The plus and minus signs in the superscript of the transformed function indicate that they are analytic 
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functions in upper and lower half complex plane, respectively. By taking into account the following 
asymptotic behavior of outgoing wave at infinity 

    , ,ik x
Ap x y O e x    (17) 

one can show that ( , )AP y and ( , )AP y are regular functions in the upper half complex plane defined 

by 2k   and the lower half complex plane defined by 2k  , respectively. The general solution of 
Eq.(15) satisfying the radiation condition in the spectral domain reads 

       , yiK y L

AP y A e
     (18) 

where ( )A  is an unknown coefficient to be determined. Obviously, the square root function ( )K  is 
double-valued in the complex plane. Therefore, it is necessary to specify its branches so as to uniquely 
define it. As shown in Figure 2, for the function ( )K  , there are two branch points k and two branch 

cuts along k   to k i     and k   to k i     , so that (0)K k . 

 

Figure 2 – Branch cuts of the square root function in the complex plane 

Using the derivative of Eq.(18) with respect to y and the transformed form of Eq.(5) we have 

      ,A yP L iK A      (19) 

where the dot specifies the derivative with respect to y. Similarly, we convert the Helmholtz equation 
for region C into the spectral domain by using the half-range Fourier transform technique 

          2 2 2, ,C CP y y K P y f y i g y          (20) 

where the new functions in Eq.(20) are defined as 
        0, , 0,C Cf y p y x g y p y     (21) 

The general solution of Eq.(20) can be attained by using the method of constant variation 

                   
0

1
, cos sin sin

y

CP y B K y C K y f t i g t K y t dt
K

      


                     (22) 

where  B  and  C  are unknown coefficients. Using the transformed form of Eq.(8), the coefficients 
can be determined. Then, the sound field of region C in the spectral domain reads 
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 (23) 

Noted that the left-hand side of Eq.(23) is regular in the upper half complex plane. However, the 
regularity of the right-hand side of the equation is violated by the presence of simple poles occurring 
at the zeros of denominator, namely, m  satisfying 

        Im Im 0,1, 2,...sin 0, ,m m y m mK K L k         (24) 

These poles can be eliminated by imposing that their residues are zero. This gives 
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     , 1
m

A m y m m m mP L Q f i g      (25) 

where the coefficients mf and mg are defined as 
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  (26) 

The coefficient mQ is the norm of these series expansion which is defined as 

  2
0m

0

cos (1 )
2

yL
y

m m

L
Q K t dt       (27) 

where  denotes the delta function. Consider now the transformed pressure continuity at the imaginary 
interface I and using Eq. (16) and Eq.(23) we have 
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 (28) 

where the kernel function is expressed as 

  
 
 

 sin
yy iK LK L

L e
K





    (29) 

Owing to Eq.(26) the defined functions can be expanded into cosine series as follows 
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  (30) 

Substituting Eq.(30) into Eq.(28) and evaluating the resultant integral, one obtains the scalar modified 
Wiener-Hopf equation of the second kind which is valid in the strip 2 2k k   as 
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 (31) 

The solution of Eq.(31) can be obtained through the classical Wiener-Hopf procedure (12) as 
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  (32) 

Here the split function is regular and free of zeros in the upper half plane which is given by 
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 (33) 

where 𝐶 is the Euler’s constant given by 𝐶 = 0.57721… 

2.3 Determination of the Sound Fields 
As can be seen, Eq.(32) contains infinite number of unknown coefficients. To determine them, the 

well-known mode matching method will be applied. The scattered sound field in region B can be 
expressed in terms of normal modes as 

    
0

, cos ni x
B n n

n

p x y a K y e 




     (34) 

where the eigenvalues are evaluated by the boundary conditions as 
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2, , 0,1,2,...n n
y y

n n
K k n

L L

  
 

     
 

 (35) 

Based on the continuity relations at the opening, we have the following identities 
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Multiply both sides of the equations by  cos sK y   and integrate from zero to yL in terms of y, using 

the orthogonality of the modal functions, we have 

  0 01 , 0, , 0s s sf ik a s f i a s       (38) 

 0 01 , 0, , 0s sg a s g a s      (39) 
On the other hand, combine Eq.(25) and Eq.(32) together when a new index 𝑠 is used, we have 
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  (40) 

Substitute Eq.(38) and Eq.(39) into Eq.(40) we have the following identity 

      1
1

s

s s
s s

k
a L k L
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     (41) 

which are the modal coefficients of region B. Then, by Eq.(34) the sound field inside the enclosure can 
be determined. The radiated sound field in region A can be obtained by taking the inverse Fourier 
transform of  ,AP y as 
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 (42) 

where  is a straight line parallel to the real axis lying in the strip 2 2k k   . In order to perform the 
asymptotic evaluation of the equation via the saddle point technique, let us change the variables and 
express the radiated sound field in cylindrical polar coordinate system as shown in Figure 1. 
 cos , cos , sink w x r y r       (43) 
Then, the radiated field can be determined (12) as  

      
4

sin, 2 cos
2
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i ikr
ik L

A

e e
p r kL k L k e

kr


 




    (44) 

Up to now, the sound fields inside and outside the semi-infinite long enclosure are obtained. Next, the 
FEM will be applied to validate the proposed model. 

3. DISCUSSIONS 
An enclosure of 2.5m long and 0.5m high is established in COMSOL Multiphysics, a commercial 

software based on the finite element method (FEM), to validate the proposed technique. In theory, the 
radiated sound field extends to infinity. However, for the computational efficiency, a relatively small 
calculation domain is considered. The outside acoustic domain is bounded by introducing PML which 
is an artificial absorbing layer allowing sound wave to propagate out without reflection. The results of 
absolute sound pressure in region B at 800Hz obtained by the Wiener-Hopf technique and the FEM are 
compared in Figure 3. 

 

Figure 3 – Comparison of the sound fields in region B (absolute sound pressure/ Pa) obtained by 

Wiener-Hopf technique (W-H) and the FEM at 800Hz 

From (a) and (b) we can observe good agreement between the results obtained by the Wiener-Hopf 
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technique and the FEM. From (c), we can find that, inside the enclosure, apart from the incident plane 
wave, the scattered wave will contribute to the total sound field due to the impedance mismatch at the 
opening. For small size enclosure with plane wave incidence in this case, the scatted field is relatively 
small and simply distributed. But it cannot be ignored as it still contributes nearly 1/3 of the sound 
energy. For larger size enclosure and in high frequency case, the contribution will increase. 

Besides, comparison of sound pressure level (dB) between the Wiener-Hopf technique and the FEM 
in the frequency range 200Hz to 2000Hz at a particular point (-0.1,0.35) near the opening edge is also 
shown in Figure 4. In this case, 100 modes are taken in the calculation. Good agreement is found which 
validates the correctness and accuracy of the proposed model.  

 

Figure 4 – Comparison of sound pressure level (dB) between Wiener-Hopf technique and FEM in the 

frequency range 200Hz to 2000Hz at a particular point (-0.1,0.35)  

Directivity patterns of the radiated sound field in region A at different frequencies are plotted in 
polar coordinate (r=5m). As shown in Figure 5, the results show good agreement despite some sharp 
deeps which may come from mathematical issues. Clear lobes and zeros can be observed. The number 
of lobes increases with the increasing of frequency. In front of the opening, the sound field is formed 
by the superposition of radiated, diffracted and reflected sound. They propagate to the receiver with 
different phase and distance, which results in the directivity pattern. At the back, the sound field is the 
result of diffraction at the opening edge. It becomes stable and stands at relatively low level. 

   

Figure 5 – Directivity patterns of the radiated sound fields (Sound pressure level/dB) obtained by the 

Wiener-Hopf technique and the FEM at different frequencies (r=5m) 

We also calculate the sound fields of lager enclosures at higher frequency range, the results from 
the Wiener-Hopf technique and the FEM coincide well with each other (The results are not listed for 
the limitation of pages). As the increase of geometry size and frequency, the calculation time remains 
nearly the same for the proposed method as it is an analytical solution. Despite the fact that, the mode 
number in the calculation will increase for larger size enclosure and high frequency so as to capture 
high order mode. The calculation efficiency is still high using the Wiener-Hopf technique because it is 
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easy for computer to do mode superposition. However, the meshes for the FEM increase exponentially 
which results in the low efficiency. So, in this condition, the Winer-Hopf technique performs much 
better than the FEM. 

4. CONCLUSIONS 
In this paper, a rigorous and explicit solution is obtained for the prediction of sound fields inside 

and outside a semi-infinite long enclosure. In the proposed method, the unbaffled opening of the 
enclosure and the ground effect are taken into consideration simultaneously in order to model the 
practical traffic facilities. The boundary value problem is formulated as a modified Wiener-Hopf 
equation involving three sets of unknowns satisfying three infinite systems of linear algebraic 
equations which can be solved numerically. Results obtained from the FEM and the Wiener-Hopf 
technique are compared and discussed which indicates that the proposed method is capable of 
predicting the sound fields inside and outside a tunnel simultaneously and show better performance in 
big size condition.  
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Abstract
Hearing aid users are often confronted with the problem of wind noise during outdoor activities. The micro-
phones installed in the hearing aids cannot distinguish whether the deflection of the diaphragm is caused by
acoustic or hydrodynamic pressure fluctuations. This results in unpleasant background noise, which superim-
poses the acoustic signal. A dual approach consisting of CFD simulations using Star-CCM+ and measure-
ments in an anechoic wind tunnel was used to investigate geometric features such as the shape of the housing
and the rocker-switch with regard to their influence on wind noise generation. Using additive manufactured
hearing-aid-prototypes, the input-related time-pressure signal at the microphone membrane was measured in
the experimental approach. In the simulation, the corresponding signal was calculated using Delayed Detached
Eddy Simulation. A comparison of the obtained pressure spectra from simulation and experiment shows very
good agreement in the characteristic low-frequency range. The visualization of the numerical results provides
information on which fluid dynamic effects, such as boundary layer separation and vortex formation, lead to the
generation of wind noise. The results obtained are useful for estimating the performance of hearing aid models
under the influence of wind at an early stage of product development.

Keywords: Hearing Aid, Wind noise, Computational Fluid Dynamics
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regenerator meshes with different configurations 

Islam Ramadan1; Helene Bailliet; Jean-Christophe Valiere 
Institut Pprime, Centre National de la Recherche Scientifique, Université de Poitiers, Ecole Nationale 

Supérieure de Mécanique et d’Aérotechnique, Département Fluides-Thermique-Combustion, Ecole 

Nationale Supérieure d’Ingénieurs de Poitiers, 6 Rue Marcel Doré Bâtiment B17-BP 633, 86022 Poitiers 

Cedex, France 

ABSTRACT 
Regenerators (often consisting in stack mesh-wires) and heat exchangers are the core of thermoacoustic 
devices and, as such, key elements for the efficiency of these systems. In this study, the oscillating flow 
velocity field at the exit of different regenerators has been measured using Particle Image Velocimetry (PIV) 
system. Three different mesh wire sizes have been selected with respect to the size of the viscous penetration 
depth. The influence of the randomness of stacking the mesh wires on the oscillating flow dynamics has also 
been investigated. Measurements are performed for different acoustic levels. In the conference, the structure 
of oscillating flow will be discussed, especially in terms of vorticity fields for the different regenerators at 
different phases over the acoustic cycle. The evolution from low to high acoustic amplitudes will be 
presented.  
 
Keywords: Thermoacoustics, End-effects, Oscillating flow, PIV 

1. INTRODUCTION 
The design of heat exchangers is a crucial issue for the development of efficient thermoacoustic 
devices. The improvement of such design requires a better understanding of flow patter ns and 
associated heat exchange processes at the exit of the regenerator/stack. The present study aims at 
participating in progressing in this understanding. The synthesis of the literature on the study of 
oscillating flow at the exit of a thermoacoustic core is complicated by the fact that there is no 
agreement on the choice of the relevant dimensionless parameters. Blanc-Benon et al. [1] investigated 
vortex shedding from a stack of parallel plates with PIV. They studied the flow for two plate 
thicknesses and identified the generation of two symmetrical vortices for each plate that had different 
forms depending on the plate thickness. For plate thicknesses larger than the viscous penetration 
depth concentrated vortices were observed near the edge of the plate whereas for thinner plates 
elongated layers were observed without any well-defined eddies; for the range of velocity amplitudes 
investigated there was not any vortex street observed whatever the thickness of the plates. Mao et al. 
[2] compared the flow generated at the exit of a stack of plates for different plate thicknesses and 
found two distinct modes of generation of a vortex street: elongated shear layer on one side (observed 
for thin plates) and bluff-body type of shedding on the other side (observed for thick plates). They 
found that for high amplitudes (Reynolds numbers), vortices are shed in an alter nate fashion and the 
Strouhal number based on the shedding velocity and acoustic amplitude is around 0.2 for all the 
Reynolds numbers studied. Aben et al. [3] used Strouhal and Reynolds numbers based on the plate 
thickness, acoustic amplitude just outside the stack, and acoustic frequency. They considered the 
vorticity fields for different amplitudes and different frequencies at the phase of maximum outward 
displacement (and zero velocity) and divided them in four categories: ‘‘two vortices’’, ‘‘four 
vortices’’, ‘‘transition area’’ and a ‘‘vortex street’’. One of their conclusion is that for high porosity 
thermoacoustic core the plate thickness is the relevant characteristic length whereas at low porosity 
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the spacing between plates is the relevant characteristic length. Shi et al. [4] used hot wire 
anemometry and PIV to study the flow at the exit of a stack of parallel plates for several plate 
thicknesses, plate spacing and Reynolds numbers (76 different flow cases). They found that only one 
St=f(Re) relationship was needed to correctly fit all the cases for Reynolds numbers based on plate 
thickness from 200 to 5000. Here the Strouhal number was defined using the vortex shedding 
frequency and the reference velocity was the local acoustic velocity amplitude.  Then, in their study 
of vortex shedding at the exit of a stack of plates, Shi et al. [5] proposed to use three similarity 
parameters: the Reynolds number based on the plate thickness, the Keulegan–Carpenter number (KC, 
ratio of particle displacement amplitude to plate thickness) and lastly the Womersley number (Wo, 
ratio of the spacing between adjacent plates and viscous penetration depth) or equivalently the ratio 
of the spacing to the thickness of plates. They studied 108 different cases (different stack and 
amplitudes) and identified eight distinct vortex wake pattern types, among which four types have 
been observed and reported in previous works while the remaining four were new findings. Berson 
and Blanc-Benon [6] studied the flow within the gap between two stacks as a model for a stack-heat 
exchanger couple. They defined a Reynolds number based on the viscous boundary layer th ickness 
and velocity amplitude inside the stack as used for the study of transition to turbulence in oscillati ng 
flow (Merkli and Thomann [7]). The Strouhal number they formed is based on the convection velocity 
of flow vortices and the shedding frequency. Their results showed that the Strouhal number based on 
the plate spacing takes values around 0.44 for all the configurations under study, whatever the 
Reynolds number. Also they found that at high amplitude the flow is not repeated from one acoustic 
period to another which involve oscillation of the cooling load viewed by the heat exchanger.  

This brief bibliographic presentation shows that, even if a stack of plates is rarely used in practice, 
this geometry has been the most studied for what concerns end effects investigation. Flow at the exit 
of mesh grid regenerator, which is the most common geometry in practical devices, has never been 
studied to our knowledge. In the following section, the experimental setup and measurement  
procedure will be explained. In section 3, the results will be discussed and then the conclusions will 
be drawn in section 4.            

2. Experimental Apparatus 

2.1 Experimental setup 
A schematic for the experimental setup is shown in Figure 1a. Two 8-inch loudspeakers (PHL – 

B2410) are mounted at both ends of the resonator which is filled with air at atmospheric conditions. 
The resonator is made of a square duct with inner side length of 44 mm and total length of 2645 mm. 
The loudspeakers are connected to a power amplifier which is driven by a function generator. They 
are synchronized to achieve a velocity antinode at the middle of the resonator at a resonance frequency 
( ) of 31 Hz. The regenerator is placed near the middle of the resonator. It consists of mesh wires 
stacked either randomly or forming straight channels inside a canister. The four different regenerators 
used in the study are shown in Figure 1b. A description of the mesh wires used in each regenerator is 
presented in Table 1. 
 In usual thermoacoustic designing tools, regenerators are described in terms of their hydraulic 
radius, volumetric porosity, thermal conductivity and length along the guide axis. In the present study, 
the mesh wire dimensions are selected to cover a plausible range for these parameters. In particular 
the ratio  is chosen to be credible for stack-based devices (Reg#1 and 2) or for regenerator-
based devices (Reg#3 and 4). Here  is the hydraulic radius, which represents the ratio between the 

gas volume to the gas-solid contact area, and  is the viscous penetration depth where  

is the kinematic viscosity of the air. For standing-wave thermoacoustic systems, this ratio should be 
larger than unity and the term “stack” is used, whereas for travelling-wave system the ratio should be 
less than unity and the term “regenerator” is used [8]. 
 The velocity field at one end of the regenerator is measured using PIV. The PIV system consists 
of a ND-YAG laser source for illuminating the seeding particles existing in the flow. An atomizer 
seed generator (TOPAS – ATM 210) is used to atomize oil producing droplets with mean particle 
diameter of 0.5 μm. Images are recorded with two 2048 × 2048 pixels2 LAVISION cameras 
(maximum sampling frequency of 15 Hz). Two cameras are employed to increase the size of the 
measurement area without reducing the spatial resolution (i.e. 185 × 185 μm2) of the imaging system. 
The PIV system is triggered by a reference external TTL signal, which is phase-locked to the acoustic 
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(a) 

 

(b) 

Figure 1- (a) Schematic of the experimental setup. (b) Image for the regenerators used in the study and 
defining parameters for the mesh wires.  

 
Table 1: Description of the mesh wires used in each regenerator.  

Name Reg#1 Reg#2 Reg#3 Reg#4 
Opening (D), mm 2.24 2.24 1.12 0.56 

Wire diameter (d), mm 0.355 0.355 0.22 0.16 
Volumetric porosity (%) 0.879 0.879 0.85 0.801 

Hydraulic radius ( , mm 0.646 0.646 0.33 0.162 
 1.6 1.6 0.8 0.47 

Stacking configuration Straight channels Random Random Random 

2.2 Experimental conditions 
As mentioned previously, Aben et al. [3] used Reynolds number ( ) and Strouhal number ( ) 

,     
where  is the velocity amplitude at a reference point (k) (see Figure 1a) to describe the flow at the 
exit of a stack plates and observed three different flow patterns (i.e. two/four vortices, transition area 
and Vortex Street). Accordingly, the oscillating flow velocity amplitude ( ) is adjusted so that the 
current experiments lay at different zones observed by [3] and hence our results can be compared 
with their observations. On the other hand, Shi et al. [5] found that Keulegan–Carpenter number ( ), 
which is defined as flows: 

 

where  is the axial displacement amplitude ( ), has a significant effects on the flow 
pattern. The experimental conditions of all the experiments, presented in Table 2, show that even if 
KC and St are associated with the same physics (effect of unsteadiness), in our experiments the 
condition for the Strouhal number is always St<<1 whereas KC goes from ≈1 to >>1. 
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Table 2 - The experimental conditions of different experiments  

Exp#     (m/s) Reg# Pattern ref [5] Observed pattern 
1 1.3×101 2.0×10-2 8.0×100 0.56 1 2/4 vortices shear layer 
2 1.0×102 2.8×10-3 5.8×101 4.0 1 Vortex street Chaotic 
3 2.3×102 1.1×10-3 1.4×102 9.6 1 Vortex street Chaotic 
4 1.3×101 2.0×10-2 8.0×100 0.55 2 2/4 vortices shear layer 
5 9.3×101 2.8×10-3 5.7×101 3.95 2 Vortex street Chaotic 
6 2.2×102 1.2×10-3 1.3×102 9.1 2 Vortex street Chaotic 
7 3.1×100 3.2×10-2 4.9×100 0.21 3 2/4 vortices no/weak vorticity 
8 2.9×101 3.5×10-3 4.6×101 1.95 3 Vortex street shear layer 
9 7.1×101 1.4×10-3 1.1×102 4.87 3 Vortex street Chaotic 

10 2.2×100 2.4×10-2 6.7×100 0.21 4 2/4 vortices no/weak vorticity 
11 1.0×101 5.1×10-3 3.1×101 0.97 4 Transitional shear layer 
12 2.0×101 2.7×10-3 6.0×101 1.87 4 Vortex street shear layer 

 

2.3 Measurement procedure and post processing 
Before each experiment, the seeding holes placed at the extremities of resonator (see Figure 1a) 

are opened and the seeded air flow is introduced through one of these holes to create a homogenous 
seeding particles distribution over the measurement area. After closing the holes, the loudspeakers 
are turned on. The PIV measurements are started 2 minutes later, to ma ke sure that the effect of the 
seeding flow on the measurements is eliminated. 

As shown in Figure 2, the measurements are performed at 12 different phases over the acoustic 
cycle. The total number of double-images taken at each phase is 100 (this number of images were 
found, in previous studies [9] [10], to be sufficient for achieving the convergence of the data). 

 

 
Figure 2- The acoustic velocity at different phases over the acoustic cycle at the reference point (k). 

 
In order to produce the velocity vector maps, the acquired images are processed by DAVIS 

software. A low pass filter is applied to remove the light reflections from the solid walls. Then, a 
cross-correlation algorithm is applied to estimate the mean particles displacement within each 
interrogation area; finally the displacement is divided by time between two laser pulses to obtain the 
velocity. The time between pulses is adjusted to allow for a particle displacement equals to about ¼ 
the interrogation window. The ensemble-averaged vector maps and vorticity fields are calculated for 
each phase by averaging the 100 vector maps. In the following section, the results of the 12 
experiments are discussed. 

3. Results and discussions 
In order to investigate the vortex patterns originated at the exit of the regenerator, the vorticity at 

each point in the field is calculated as follows:  
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where  and  are the axial and transverse velocity components, respectively. In Figure 3 the 
vorticity field is plotted for all experiments at 4 phases of the acoustic cycle:  
(we consider the vorticity at only 4 phases to facilitate the presentation of the results). The axial 
distance is normalized by the axial displacement amplitude ( ), whereas the transverse distance 
is normalized by the half width of the resonator (W). 

Exp#  Max displ out  Max velo in  Max displ in  Max velo out 

1 

    

2 

    

3 

    

4 
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7 

    

8 
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12 

    
Figure 3 - The vorticity fields for all experiments at different phases over the acoustic cycle  in s-1. 

3.1 Effects of the acoustic amplitude 
As the building of more powerful thermoacoustic systems becomes a necessity, the acoustic 

amplitudes of these systems should be increased. However, the design of thermoacoustic systems 
depends mainly on the linear theory which cannot predict the non-linear phenomena especially at 
high acoustic amplitudes. Hence, it is important to discuss the effect of the acoustic amplitude on the 
oscillating flow patterns at the exit of the regenerator. For this purpose, the first three experiments 
are considered because the same regenerator is used but at different acoustic velocity amplitudes. As 
shown in Figure 3 (Exp# 1, 2 and 3), at the end of the suction stage ( ), there is no vortex pattern 
near the exit of the regenerator because the main flow moves inwards the regenerator channels . At 
the beginning of the ejection stage (i.e. the flow moves outward the regenerator channels), elongated 
shear layers start to form and evolve till the maximum vorticity value is achieved at ( ). At very 
low amplitude (Exp#1), the vorticity field at  shows the emergence of alternatively opposite shear 
layers. These shear layers have elongated as the flow moved away from the regenerator and reach to 
the maximum axial normalized distance ( ) of 2 at . Such vorticity layers extending out of 
the thermoacoustic core during ejection stage (and that prolongate the oscillating boundary layers 
developed inside the core) were reported by other authors for low amplitudes flow out a stack plates 
[6], [2]. It is also quite similar to the Elongated Symmetric vortex structures described by [5]. During 
the suction phase (  ), the generated vortices are convected with the main flow towards the 
regenerator. At medium amplitude (Exp#2), the succession of elongated counter-rotating vortices is 
also observed. However, these elongated vortices break up at axial distance ( ) of 0.5 to form 
many rolled up vortices that extend to an axial distance ( ) of 1. These rolled up vortices move 
with the main flow while breaking up into very small structures that extend to an axial distance 
( ) of 2.5 as shown at . At very high amplitude (Exp#3), the flow pattern breaks down into 
small structures at the end of the ejection (phase ), that merge to form larger structures during the 
suction phases ( ). Therefore, conversely to several previous studies [2], [6], [3] we do not observe 
any alternate shedding of vortices neither breaking up of the shear layers into an organized vortex 
street. This can be interpreted as being due to the fact that these previous studies dealt with a stack 
of plates whereas we are concerned with mesh grid regenerator. However, the pattern observed in the 
present study for high amplitude cases (Exp#2 and 3) can be classified in the “chaotic flow state and 
vortex merging” pattern observed by Shi et al. [5] at the exit of a stack of plates. This regime was 
characterized by [5] as corresponding to large KC (>>1) and Reynolds numbers (102 to 103). The 
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values of both Re and KC of Exp#2 and 3 fall within the range defined by [5]. As mentioned 
previously, the Strouhal number for all experiments is less than unity. Hence, we can consider Re and 
KC are the characterizing parameters for the flow patterns at the exit of the regenerator.  

3.2 Effects of the stacking configuration 
In order to study the effects of stacking configurations, the flow pattern at the exit of two 

regenerators (Reg#1 and 2) is investigated at the same flow conditions (i.e. Re, St and KC). The 
results of Exp#1, 2 and 3 are compared with the results of Exp#4, 5 and 6, respectively. At very low 
amplitude at , it is observed that the flow pattern in the case of random stacking (i.e. Exp#4) is 
less organized than in the case with straight channels (i.e. Exp#1); in particular the  repeatability in 
the vertical direction observed for the straight channel is not as marked in the random stacking case. 
At medium amplitude at , the beak up of the flow in numerous small structures occurs for a 
shorter distance from the regenerator end in the case of random stacking (i.e. Exp#5) than in the case 
of straight channels (i.e. Exp#2). At very high amplitude, the stacking configuration seems to have 
no much influence on the flow pattern (comparing Exp#3 and 6).   

3.3 Effects of the mesh-wire size 
To investigate the effects of the mesh-wire size on the flow pattern, the flow pattern at the exit 

of 3 different regenerators (Reg#2, 3 and 4) is investigated at different experimental conditions. The 
flow conditions are adjusted so that KC number has the same order of magnitude at different mesh-
wire sizes. For instance, the KC number of Exp# 4, 7 and 10 has the same order of magnitude whereas 
the mesh-wire size in these three experiments is different. For this purpose, the results of Exp#4, 5 
and 6 are compared with either Exp#7, 8 and 9 or Exp#10 and 11/12, respectively. It is worthwhile to 
mention that the intensity of the vorticity field has been reduced in the cases of Reg#3 and 4. Hence, 
the scale of the vorticity in Exp#7 to 12 has been reduced by half (+/-250 instead of +/-500) to make 
the flow patterns visible.  

As shown in Figure 3, at very low velocity amplitudes (Exp#4, 7 and 10), the decrease of the 
mesh-wire size results into a decrease in the intensity of the vorticity field. According to the 
observations of [3] in the case of parallel-plates stack, the flow pattern in these three experiments 
(Exp#4, 7 and 10) should be similar. In the current study, we observed that the flow pattern is different 
from the observations of [3] in the case of large mesh-wire size (Exp#4). With smaller mesh-wires 
size (Exp#7 and 10), the vorticity is negligible over the whole cycle. At medium flow velocity 
amplitudes (Exp#5, 8 and 11), it is observed that (see ) the elongated vortices break up into smaller 
vortices with large mesh-wire size (Exp#5) whereas the breakup of the elongated vortices was not 
observed with smaller mesh-wire size (Exp#8 and 11). At high flow velocity amplitudes (Exp#6, 9 
and 12), it is observed that (see ) the elongated vortices beak up with the cases of large and medium 
mesh-wire sizes (Exp#6 and 9) whereas there is no breakup observed with the case of small mesh-
wire size. As was concluded from section 3.1, it appears then that the flow classification and similarity 
parameters chosen by Aben et al. [3] for their study of end effects for a stack of plates do not 
correspond to the observation made in our study.   

4. CONCLUSION 
In the current study, the oscillating flow patterns at the exit of different regenerators have been 

investigated. Three main flow patterns were observed namely; no/weak vorticity pattern, shear layer 
pattern and chaotic pattern. The effects of different parameters on the flow patterns have been 
investigated. First, the effects of the flow velocity amplitude have been investigated. We found that 
both Re and KC are well suited similarity parameters for the flow pattern at the exit of the regenerator. 
Second, the effects of the stacking configuration of the mesh-wires in the regenerator have been 
investigated. The random stacking of the mesh-wires altered the flow patterns at low and medium 
velocity amplitudes whereas the flow pattern does not changed at higher velocity amplitudes. Finally, 
the effects of the mesh-wire size on the flow pattern have been investigated. Reducing the mesh-wire 
size results in decreasing the intensity of the vorticity, which confirm the validity of the Reynolds 
number as similarity parameter. 
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ABSTRACT 

Even in the 21
st
 century, noise still constitutes a major environmental problem, with the low frequency noise 

being especially pernicious. While resonance-based acoustic metamaterials can display many novel wave 

manipulation capabilities, they have the Achilles’ heel of being narrow-frequency in character.  It would be 

most desirable if a sound absorber can be designed to fit the noise spectrum, with a minimum allowed 

thickness. Such sound absorbing structures can now be realized through a design recipe that incorporates 

the causality constraint on the acoustic response (1, 2). We use the causality constraint to delineate what is 

ultimately possible for sound absorbing structures, and denote those which can attain near-equality for the 

causality constraint to be ‘‘optimal.’’ Anchored by the causality relation, an integration strategy can be 

formulated for realizing structures with target-set absorption spectra and a sample thickness close to the 

minimum value as dictated by the causality constraint. By using this approach, we have realized a 10.86 

cm-thick structure that exhibits a broadband, near-perfect flat absorption spectrum starting at around 400 Hz, 

while the minimum sample thickness from the causality constraint is 10.36 cm. To illustrate the versatility of 

the approach, two additional optimal structures with different target absorption spectra are presented. This 

‘‘absorption by design’’ strategy would enable the tailoring of customized solutions to difficult room acoustic 

and noise remediation problems. 
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Abstract
Passive acoustical materials exhibiting multiple dynamic behaviors (also known as acoustical metamaterials)
bring new challenges, related either to the characterization of their elastic & acoustic intrinsic parameters or the
development of models.
We present a brief summary of the physical phenomena used to enhance the absorption or insulation perfor-
mances of passive materials. We show examples of challenges related to the characterizations of these materials.
In particular, for acoustic characterizations, we show how the dynamic mass density & dynamic bulk modulus
(or wavenumber & characteristic impedance) are impacted by the aforementioned physical phenomena.
In a brief second part we discuss some modeling & characterization challenges related to these materials.
Keywords: materials, characterization, modeling

1 INTRODUCTION
The dynamic mass density ρ and dynamic bulk modulus K of materials are quantities describing the visco-
inertial and thermal dissipation mechanisms, respectively, in a porous medium (see fig. 1). These quantities can
be measured using an impedance tube (see e.g. [1]). The examples reported in section 2 show the dynamic
mass densities and dynamic bulk moduli for various passive acoustical materials exhibiting multiple dynamic
behaviors (also known as acoustical metamaterials even if most of them are not made of multiple materials).

Note that this document focuses on acoustic excitation in air saturated porous materials or structures. Thus, we
will not discuss about materials or structures with multiple mechanical behaviors nor active materials or struc-
tures. We will not discuss the “diode” effect which requires, at least, one flow, nor “black holes” (i.e. retardant
structures) as their behaviors are not symmetrical while we assumed here homogeneous behaviors (at least at
the scale of our impedance tubes).

The time convention used to obtained ρ and K is e+ jωt (this explains why the imaginary part of ρ is usually
negative).

Finally, we can’t be exhaustive on references so bare with us if some terrific works you know of are not
reported here and don’t hesitate to submit them by email (see address above).

2 PASSIVE ACOUSTICAL MATERIALS EXHIBITING MULTIPLE DYNAMICS
We can classify the recent developments on acoustic materials in a few number of categories : resonant and
diffusive (even if diffusive can be considered as highly damped resonant systems). Resonant systems such as
acoustic resonators (Helmholtz or quarter-wavelength) have localized effects in frequency while diffusive ones
based on scattering or pressure diffusion effects have much broader frequency effects.

In the next pages, we briefly show (mainly due to the page limitation) some examples of these materials to-
gether with their influences on the acoustic properties (dynamic mass densities and dynamic bulk moduli).
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Figure 1. Left: scheme of the 2 dynamic behaviors for a “usual” rigid-frame porous material based on Kirchhoff
[-Langevin] theory [2, 3]. Right: mass density and bulk modulus normalized by the mass density of air at rest
and the static pressure during measurements for a “usual” rigid-frame porous material.

Note that the periodicity of the material adds interferences but is not necessary to take advantage of the other
physical phenomena mentioned above.

2.1 Materials with multiple scales of porosity
This first class is characterized by the addition of a pressure diffusion effects (see fig. 2) or n− 1 potential
diffusion effect for a material with n scales of porosity.
Some examples of works involving such materials are discussed in references [4, 5, 6, 7, 8, 10, 9].

2.2 Materials with solid inclusions (scatterers)
These materials are characterized by the addition of a multiple scattering effect (which can be modeled as a
diffusion effect). See fig. 3 as an example.
Such materials with solid inclusions of various sizes has been applied in the lower part of the audible frequency
range [11] and at higher frequencies [12, 14] (upper audible frequency range and ultrasonic frequency range).

2.3 Materials with acoustic resonators
These materials are characterized by the addition of acoustic resonances mostly resulting from embedded Helmholtz
resonators [15, 16, 17, 18, 19, 20] inside a host material (see example in fig. 4) but also from quarter-
wavelength resonators [21].
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Figure 2. Left: picture of a material with 2 scales of porosity as used in [6]. Right: normalized mass density
and bulk modulus for such a material.
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Figure 3. Left: scheme of a material A with scatterers made of material B as depicted in [12]. Right: normal-
ized mass density and bulk modulus for such a material.
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Figure 4. Left: picture of the cross-sections of two Helmholtz resonators as used in [19]. The necks are inside
the cavities. Right: normalized mass density and bulk modulus for such a material.

2.4 Materials with soft membranes
These materials include elastic resonances inside their pores. While some studies exist in active sound control,
only a few works have been published in passive sound control [22, 23, 24] (see example at fig. 5).
A commercial product was manufactured by Dow Chemical in the 1990’s and the early 2000’s : the “Quash”.
The acoustic absorption of the material together with is impervious properties to liquids was the main advantage
of this material for which the manufacturing might start again.

3 MODELING
3.1 Some issues
One modeling issue lies in the fact that analytical solutions are yet limited to simple problems (usually involving
simple geometries and simple excitations). Other cases require “heavy” computations. Another key point is
that dissipation should be accounted for to accurately predict the behaviors of the materials presented above.
This point can be seen in the evolution, over time, of the works, on any of the materials mentioned above.
Finally, the vibration of the skeletons is partially or not accounted for in the models today while essential for
applications to transmission.

3.2 Some developments
In addition to the ongoing works on specific classes of materials, Lafarge’s non local theory seems promising
to offer a general solution to the rigid-skeleton modeling issue. To sum up, Lafarge’s theory can be seen as an
extension of Zwikker & Kosten work to space dispersion : ρ(ω)→ ρ(ω,k) and K(ω)→ K(ω,k) where k is
the wavenumber of the acoustic wave inside the material.
Concerning the skeleton motion and its coupling with the fluid phase, examples of works in progress are [28,
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Figure 5. Left: picture of a material with membranes on pore connections as used in [24]. Right: normalized
mass density and bulk modulus for such a material

29, 30, 31].
Note that “usual” porous materials with elastic skeletons exhibit 3 dynamic behaviors, the frame resonances
adding 1 more dynamic to the system as seen in fig. 6

4 CHARACTERIZATION
4.1 The major issue
When testing multiple dynamics materials, it appears the most important issue is related to the size of the
samples : too big or too small. Materials with multiple scales of porosity, scatterers or inner resonators are
usually to large for most impedance tubes. These usually “hand-made” materials are however too small for
diffuse sound field measurements usually (or at least in a too few number to be tested in diffuse field). Some
nano-scale materials are too small for any standard measurements [32].

4.2 Some developments
One solution to overcome the major issue reported above is to use dedicated tubes or horn-style extensions
[33, 34, 35].
As it can be seen in the previous pages, for each material, a dynamic mass density and a dynamic bulk modulus
can be obtained. For most of the material classes, these dynamic quantities have been measured using dedicated
tubes. Note that measurements have been done by the authors for materials with solid inclusions but it was
“clearer” here to show simulations (which can be compared to the theoretical work by D. Lafarge).

Other developments, in particular for multiple-scale porous materials, involve the identification of the different
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Figure 6. ρ & K as functions of the frequency for a porous material (a foam) with a visco-elastic skeleton. A
third dynamic is added to the visco-inertial & thermal ones due to the skeleton mechanical resonances.

open-pore networks [36, 6, 7]. This point is of great importance as printed materials as well as most natural
fibers & some minerals exhibits an internal scale of porosity different from the “acoustic scale” (see e.g. the
PhD works by Rodolfo Venegas[?], Gaelle Benoit[?] or Philippe Glé[39] dedicated to this topic).
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Random Incidence Transmission Loss of Miniature Helmholtz 
Resonator Embedded Acoustic Meta-material 
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ABSTRACT 
An array of light-weight miniature Helmholtz resonators (HRs), was shown to significantly enhance the low 
frequency absorption, when embedded in a PU foam material; this test was carried out in an impedance tube. 
This concept was then used to study the sound absorption in a cylindrical cavity. A series of tests were carried 
out by changing number of HRs, embedded circumferentially into foam, at various radial distances on top of 
the cavity, with a noise source at the bottom. About 8-14 dB reduction in noise levels was observed at lower 
frequencies. In this paper, the idea is now extended to examine the random incidence transmission loss (TL) 
of such an array of embedded HRs. Towards this purpose, a twin room reverberation chamber with a 300 mm 
x 300 mm panel in between is used; random incidence is carried out using first a 45 mm foam alone followed 
by the foam embedded with a periodic array of HRs. The effectiveness of this concept to increase TL at lower 
frequencies will be demonstrated. Also, by adjusting the resonator frequencies, by intruding the neck into 
resonator cavity, is shown to increase the TL over a broader range of frequencies. 
Keywords: Miniature HR, Meta-material, Transmission Loss. 

1. INTRODUCTION 
Controlling low frequency noise is still a great challenge in industry and daily life. One of the 

earliest attempts to solve this problem was the development of a micro-perforated panel (MPP) 
absorber (1, 2). Following this idea, the use of Helmholtz resonator (HR) (3) with many modifications 
such as degenerate resonators (4), resonant patches (5) and multiple orifices (6) have been introduced. 
These solutions have typically been effective in narrow frequency bands and in the case of HRs lead to 
increased weight due to large dimensions of the HRs.    

Another possible solution that has been suggested is to use porous material with mass inclusion (7). 
The embedded masses combined with porous material form an array of spring-mass-damper system 
and improve the acoustic performance. Later, this type of mass embedded material was named as 
heterogeneous blanket (HG). For further improvement in transmission loss and absorption capability, 
the proposed HG blanket was investigated with various embedded mass such as steel balls, Styrofoam 
balls and hollow aluminum balls (8). These again do not yield fairly broad band low frequency noise 
reduction. 
   The third and latest set of solutions to mitigate a low frequency sound is the acoustic metamaterials 
(AMM). In an AMM a periodic arrangement of masses is being done at a scale smaller than the 
wavelength to be captured. The first AMM, sonic crystal (9) was demonstrated using lead balls 
covered with silicone rubber. The author who proposed the HG blanket explored the tr ansmission loss 
as well as absorption coefficient using mass embedded and MPP based AMMs (10, 11). At around the 
same time, the effect of a resonant inclusion in a porous material was investigated using TMM and 
P-TMM based analytical modelling approach (12). Apart from the porous media based AMM- 
honeycomb based AMM (13), membrane and plate-type (14) AMMs have been developed and their 
effectiveness demonstrated through experiments. But all of them are heavier because of either larger 
thickness of porous media or larger dimensions of HR/included masses and perform only over a 
limited low frequency range. Further, most of the researchers have examined mostly the normal 
incidence absorption coefficient and transmission losses characteristics of the developed materials.  

This paper, after briefly summarizing the earlier work done by the authors on miniature HR based 
acoustic meta-materials, will focus on the experimental investigation of random incidence 
transmission loss (TL) of the miniature HR embedded AMM. The material is fabricated by embedding 
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an array of cylindrical cavity miniature HRs into PU foam and tested in twin reverberation chamber. 
The relative transmission losses are reported here. Also the differences and advantages over other 
acoustic metamaterials will be highlighted. 

2. SUMMARY OF PRIOR WORK 

2.1 Idea of Miniature HR embedded AMM 
To reduce the size and to get an enhanced absorption capability over a broader frequency range, the 

idea of miniature HR is proposed by using syringes of different sizes. The dimensions and geometry 
details of medical syringes for considered frequencies are given in the Table 1.   

Table 1 – Different types of geometries of HR 

Syringe 

Size 

(cc) 

Geometry 

Type 

 

Cavity 

Diameter 

(mm) 

Cavity 

Height 

(mm) 

Neck 

Diameter 

(mm) 

Cavity 

Height 

(mm) 

Targeted 

Frequency 

(Hz) 

10 G1 14 24 2 9 480 

10 G2 14 58 2 9 350 

10 G3 14 86 2 9 265 
 
A series of tests were conducted in a 6 inch impedance tube designed as per ISO standards at IIT 

Madras. For the proof of concept of miniature HR, detuning of HR, and formation of new AMM a total  
of four sets of experiments were carried out using the impedance tube. After confirming that the idea 
of using syringes as HRs does work further investigation was done with a sample, made of 9 syringes 
(3 G1 type, 3 G2 type and 3 G3 type) with one placed at the center and 8 at the circumference of a plate 
with a radius of 55 mm. The determined absorption coefficient is shown in Figure 1. 

 

 
 Figure 1- Absorption coefficient of multiple HRs. 

 
 One can see that the overall absorption between the peaks are also improved in experiment; the 1D 

analytical model has a model for radiation impedance included and hence the anti -nodal regions are 
somewhat higher compared to the finite element model (done in COMSOL), where only a small 
dissipation is added to the air medium and hence shows narrower peaks. The same set of experiments 
were repeated with HRs embedded in a 20 mm PU foam as shown in Figure 2 (a). In Figure 2 (b) a 
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typical mass embedded 4 inch AMM is shown. 

 
Figure 2- (a) 1 inch HR embedded AMM (b) 4 inch AMM (reproduced from reference 11) 

 
The absorptive performance of 20 mm foam is quite low over the chosen band. At 265 Hz the 

combined effect of foam and HR, shown in Figure 3, is similar to the previous case as shown in Figure 
1, but at and beyond 350 Hz its effect is visible.  

 

 
Figure 3- Absorption curve of HR embedded AMM 

 
Also the anti-resonance deep between the peaks are also slightly lifted up which is good from an 

absorption view point. And more importantly, below 500 Hz, the new metamaterial has shown a 
greater broad band absorption capability when compared with the ideas proposed in the literature. The 
developed metamaterial is light in weight and cheaper in cost. So, newly designed HR embedded 
acoustic metamaterial is very much suitable for payload fairings and car cabins.   

2.2 Cavity Demonstration of the new HR embedded AMM 
For checking the effectiveness of the proposed novel material in real life or equivalent problems a 

demonstration was conducted in a cylindrical cavity shown in Figure 4.   

 
Figure 4. Schematic of cavity demonstration set up 

A series of experiments were conducted with four different conditions, shown in Figure 5, as 
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follows: cavity with top acrylic plate only, acrylic plate with 20 mm PU foam of density 16 kg/m3 only, 
acrylic plate with HRs  only and, and acrylic plate with new AMM (Foam+ HR).  

 

 
 

                 Figure 5- Acrylic plates in different test conditions 
The typical dimensions of HRs for the first axial mode 262 Hz are the same as mentioned in the 

Table 1. For case 3 and 4, a total of 36 HRs are placed in the acrylic plate at three different  radii as 
shown in Figure 5. The number of HRs placed at the periphery of circle of radius 8 cm, 16 cm and 24 
cm 8 are 8, 12 and 20 respectively.  

 The first set up was done with acrylic plate only and subsequently other three. For investigating 
the effect of the HR embedded AMM over a range of 200-550 Hz, a combination of different 
dimensions of HRs were placed at 3 different places. A combination of 18+18 HRs for targeting 
frequencies 265 Hz and 532 Hz was used. The positions of HRs were interchanged and investigated 
their effectiveness. 

         The red dotted line in Figure 6, shows 10 dB and 13 dB reduction in SPL at frequencies 
265 Hz and 532 Hz respectively. It can be seen that around 265 Hz the noise reduction is entirely due 
to the resonators while at 532 Hz the resonators enhance the absorption offered by the foam.  
 
 

 
Figure 6- Reduction of SPL (dB) w.r.t. the cavity at different cases for 265 Hz and 532 Hz 
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3.  TRANSMISSION LOSS MEASUREMENT  

3.1 Experimental Set Up 
The transmission loss measurement for random incidence of sound is usually done in a 

reverberation chamber. A reverberation chamber (RC) consists of two closed chambers. The sound 
source is placed in the larger chamber and sample is fitted in the junction of two chambers. A 
schematic diagram of twin reverberation chamber is shown in Figure 7.  

 
 

Figure 7- Schematic of twin reverberation chamber 
 

Two quarter inch condenser type microphones, one in the source chamber and another in the 
receiver chamber, are placed to measure pressure level at various locations. Both the microphones are 
connected with data acquisition system for storing and post processing the measured data in frequency 
as well as time domains. The input which is a wide band sound in the source chamber is produced by 
B & K sound source at a particular dB level.  

3.2 Sample Preparation  
The sample tested in the chamber is made of PU foam in which miniature HRs can be embedded. 

Here instead of 20 mm a 45 mm PU of dimension 300 mm x 300 mm is used. It was done to make the 
sample leak-proof and fully embed HRs. The syringes which were used as HRs are now replaced by a 
standard cylindrical geometry as shown in Figure 8. 

 
 Figure 8. Equivalent miniature HR of syringes 
 
  For making the design of HR more compact the concept of intrusion of neck into to the cavity is 

also implemented. The neck length is fixed at 2 mm from the top surface of the cavity. Basically only 
two types of samples are investigated: one with only foam and other with HR embedded foam as shown 
in Figure 9 (a) and (b). The total number of HRs embedded are 36. 

 
 

Figure 9- (a) 45mm PU foam only (b) HR embedded foam 

Source 

Chamber 

Receiver 

Chamber 
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 All 36 HRs tuned to a single frequency (360 or 465 Hz) or 18 of them to 360 Hz and 18 to 465 Hz.  
The change in the HR resonant frequency is accomplished by changing the intrusion length of the  
resonator neck into the cavity.  

3.3 Results and Discussion 
In the first phase of measurement, only PU foam is tested and transmission loss (TL) is evaluated. 

Keeping all boundary conditions same, the same measurement is repeated with HR embedded AMM 
tuned at 360 Hz. A point to note here is that in the calculation of the TL the term due to reverberation 
time is excluded. Since it is a constant so the nature of the curve will not change. Therefore, in Figure 
10, the relative TL is shown demonstrates a significant improvement around the HR natural frequency.

 
 Figure 10- TL of HR embedded AMM relative to foam tuned at 360 Hz 
 
It is interesting to note here that rather than a single sharp peak, one can see a spread around 360 Hz. 

The 360 Hz is achieved from the baseline 465 Hz design by intruding the neck into the cavity. Since 
this was done manually there are some small variations in the resonator frequency leading to bette r 
performance over a wider band Figure 11 shows the results for the resonators tuned to 465 Hz and here 
the peak is quite sharp as these form the baseline design.  

 
 

Figure 11- TL of HR embedded AMM relative to foam tuned 465 Hz 
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One of the prime objectives of the paper to obtain a broad band AMM for low frequency noise 
control. So, next an experiment is conducted targeting two frequencies. Out of 36 18 HR are tuned at 
360 Hz and other 18 are at 465 Hz. The relative TL is shown in Figure 12. 

 

 
Figure 12- TL of HR embedded AMM relative to foam tuned at 360 Hz and 465 Hz 

 
Again one can notice that there is a broader frequency range around the designed HR resonances 

where the material performs well. The prime reason behind it is that the HRs are made by assembling 
three parts (cavity, bottom cavity cap and neck) manually. This can lead to small detuning of the 
resonances and hence the broader range. This would suggest that detuning the resonators can be used 
to widen the improved TL region for such materials.   

4. CONCLUSIONS 
The experimental investigation of the miniature HR embedded AMM shown a relative transmission 

loss of 12-15 dB over a broader band of frequency in random incidence condition. Moreover, it is now 
confirmed that using multiple resonators with intrusions for different frequency the acoustic 
performance of AMM can be enhanced. And also the size of embedded HRs are smaller than proposed 
AMMs in the literature. It indicates that the material has great potential in real life applications such as 
building acoustics, car cabin, payload fairings etc. Future work will focus on the effect of the array 
periodicity on the acoustic performance of such AMMs. 
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Abstract
Acoustic metamaterials (AM) have emerged as an academic discipline within the last decade. Metamaterials can
exhibit high transmission loss at low frequencies despite having low mass per unit area. This paper investigates
the possibility of using AMs for increasing the sound insulation of finite single leaf walls (SLW), focusing
on the coincidence effect problem. Formulas are derived using a variational technique for the forced sound
transmission of finite SLW with a coupled array of two degree of freedom resonators. An analytical model is
presented and the effects of the band gap in sound transmission and radiation are analyzed and compared to
the single degree of freedom case. Moreover, numerical simulations verify the two degree of freedom model.
Finally, some conclusions are drawn regarding the effectiveness of the proposed model, possible applications,
and future work.
Keywords: Sound Insulation, Transmission, Metamaterial

1 INTRODUCTION
The importance of sound insulation has increased in cities with the ever-growing population. Buildings are in
closer proximity to each other. Also growing number of vehicles has given rise to noise pollution in cities,
which in-turn has necessitated sound insulation in buildings. In offices, it is essential to keep the noise level
at the minimum to enhance employee efficiency [1, 2, 3]. In schools, audio comfort is one of the primary
conditions necessary for an effective learning environment.[4].
Acoustic metamaterials have emerged as an academic discipline within the last decade. The definition may
be broadly interpreted as systems or materials that display (as a whole) extraordinary properties not found in
natural materials with respect to sound and vibration characteristics, such as negative apparent mass and/or bulk
modulus. Metamaterials can show high transmission loss (TL) at low frequencies despite having low mass
per unit area [8]-[11]. They owe this behavior to internal subwavelength periodic structures. One of the most
important characteristics of the AM is the so-called band gaps (BG), a frequency region where wave propagation
is not possible. This property shows great promise to be a good tool to be used in sound insulation, absorption,
and even radiation. Sound insulation of walls in buildings or vehicles is a broadband problem, and for a single
homogeneous structure, the sound insulation is mainly given by the mass per unit area of the wall, which leaves
not much room for improvement [6, 7].
This paper investigates the possibility of using AMs for increasing the sound insulation of single leaf walls,
focusing on the coincidence effect problem. The approach utilized in this paper is the same as Brunskog’s
when investigating the forced sound transmission of single leaf walls using a variational technique [14] and
a continuation of the authors work in [21]. In the present research formulas are derived for the forced sound
transmission of a finite single leaf wall with a coupled array of two degree of freedom resonators. An analytical
model is presented for this case, and the effects of the band gap in sound transmission and radiation are
analyzed. The developed model is restricted to the low frequency range where the wavelengths of the wall is
much longer than the periodic distance of the resonators. Numerical simulations are carried out to check the
analytical model results and also parameter optimization is done. Moreover, a comparison between the SDOF
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Figure 1. (a) A finite wall of dimensions a×b coupled with a series of mass-spring resonators located inside a
rigid baffle in the x− y plane, at z = 0. (b) Simplified diagram of a small section

and the 2DOF is presented and conclusions drawn.

2 THEORY
This section will present the theory utilized in this paper. The variational formulation of the problem used
throughout this study is based on Brunskog’s work [14] and is extended for the case described in the following
section.

2.1 Problem description
Consider a finite thin plate with mass per unit area m′′p lying in the x− y plane coupled with periodically
attached resonators as seen in figure 1a. The plate is located inside a rigid baffle at z = 0. For z < 0 the
acoustic field consists of an incident plane wave, a reflected plane wave, and one scattered field due to the
motion of the finite wall. On the positive side of z only the transmitted wave is present (pt ). The resonators
have mass m′′r , stiffness s′′, and mass moment of inertia j′′r , all per unit area. Structural damping of the spring is
considered by assigning the inherent losses to the spring element. For harmonic motion this can be represented
by a complex stiffness s′′ = s′′(1+ iηs) where ηs is the damping loss factor and s′′ is the real part of the
complex spring constant. The transverse displacement of the resonators is wr and the plate wp. The distance to
a reference point is lp. It is of interest to analyze the transmission through this structure and the influence of
the resonators.

2.2 Model Development
The following expression can be developed to describe the model

∇
4wp−wp

(
k4

b +
m′′r ω2s′′(1+ iηs)

B′[m′′r (ω2
0 −ω2)+ iηss′′]

− k2
x

l2
pJ′′r ω2s′′(1+ iηs)

B′[J′′r (ω2
θ
−ω2)+ l2

piηss′′]

)
= 0. (1)

This modified Helmholtz equation is the same as the one developed for the SDOF resonators case [21] with an
extra term now including the rotation of the mass of the resonators. For simplicity this approximate expression
was developed considering rotation only around the x axis. The natural resonance is ω0 =

√
s′′/m′′ and the

angular resonance is ωθ =
√

l′′2p s′′/ j′′r . From Eq 1, it can be seen that the modified wavenumber is
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kmod ≈ 4

√
k4

b +
m′′r ω2s′′(1+ iηs)

B′[m′′r (ω2
0 −ω2)+ iηss′′]

− k2
x

l2
pJ′′r ω2s′′(1+ iηs)

B′[J′′r (ω2
θ
−ω2)+ l2

piηss′′]
, (2)

2.3 The wall impedance
Re-writing and developing Eq. 1 it is possible to get an expression for the wall impedance. It can be interpreted
as the impedance operator of the plate plus a term controlled by the resonators. Assuming that the traveling
wave is in the form of e−i(kxX+kyY ), kx and ky being wavenumbers, the wall impedance is reduced to

z≈ B′

iω

(
k2

x + k2
y
)2

+ iωm′′p−

(
m′′r ωs′′(1+ iηs)

m′′r i(ω2
0 −ω2)−ηss′′

− k2
x

l2
pJ′′r ωs′′(1+ iηs)

J′′r i(ω2
θ
−ω2)− l2

pηss′′

)
, (3)

In order to include the losses in the plate, the loss factor ηp is included as an imaginary part of the Young’s
modulus E −→ E(1+ iηp) and by that also to the bending stiffness B′ −→ B′(1+ iηp).

2.4 Radiation impedance
The formula of the radiation impedance of a finite plate utilized in this paper was derived and explained in a
previous study [14], so here it is only presented for clarity

z f =
ik

2πS

∫ a

0

∫ b

0
4cos(kµxκ)cos(kµy%)

e−ik
√

κ2+%2√
κ2 +%2

× (a−κ)(b−%)dκd% (4)

where a and b are the dimensions of the plate in the x and y direction, S is the area of the plate (S = ab), k
is the wavenumber on air, µx = sin(θ)cos(ϕ), and µy = sin(θ)sin(ϕ), θ is the evaluation angle and ϕ is the
azimuth angle.

2.5 Effective mass
It is of interest to develop an expression of the effective mass (also referred to as apparent mass) of the proposed
model. It is straightforward to do so from the wall impedance

m′′e f f ≈

(
m′′p +

im′′r s′′(1+ iηs)

im′′r (ω2
0 −ω2)−ηss′′

− k2
x

l2
ps′′(1+ iηs)iJ′′r

J′′r i(ω2
θ
−ω2)− l2

psηs

)
(5)

An approximate expression can be found if losses in the spring are neglected

m′′e f f ≈

(
m′′p +

s′′

ω2
0 −ω2 − k2

x
l2
ps′′

ω2
θ
−ω2

)
(6)

In this form it is much easier to understand the behavior of the effective mass. For low frequencies the mass of
the plate and resonators are added. This means that, in this frequency region, the proposed model is effectively
working as a wall with mass equal to the sum of the plate and resonators. If this frequency region is also
below the angular resonance, the mass moment of inertia is subtracted making the effective mass smaller. This
expression show a complex interaction between the resonances, even in this simplified model.

2.6 Diffuse field transmission
The same approach utilized in Brunskog’s paper [14] will be used in this study. For the sake of simplicity, the
derivation of the equations will not be repeated here. The diffuse field transmission using Paris formula reads
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τ =
1
π

∫ 2π

0

∫
π/2

0

4ρ2c2ℜ
{

z f }
|z+2ρcz f |2

sinθdθdϕ (7)

where ρ is the density of air, c is the speed of sound in air, θ is the incidence angle, ϕ is the azimuth angle,
z f is the radiation impedance and z is the wall impedance, equation 4 and 3 respectively in this paper. It is
assumed that the resonators do not contribute to the sound radiation. In the following sections transmission loss
(TL) will be used to analyze the proposed model. It is defined as

R = 10log
1
τ

(8)

3 RESULTS AND ANALYSIS
A test case will be presented in this section to analyze the analytical model and the sound insulation behavior
of the proposed structure. A brick wall with dimension 2×3×0.05m is used. Material properties are shown in
Table 1. The stiffness of the springs are selected specifically to tune the resonant frequency of the resonators
above the coincidence frequency of the plate. As known from previous research [21], this is the optimized
design in terms of sound insulation. The mass ratio M is one. The mass moment of inertia and the distance to
the reference point are selected to tune the angular resonance below the coincidence frequency.

Table 1. Material properties

Property Value
Young’s modulus 17×109[Pa]

Density 2000[Kg./m3]
Poisson’s ratio 0.2

This case is considering losses in the springs and the plate. Losses are η = 0.03 for both. Results are presented
in Figure 2.
The effect of the angular resonance is barely visible as it has been damped. As expected the general behav-
ior of the structure remains the same as the SDOF model. For frequencies above the band gap the TL of
the metamaterial is lower than the one of just the plate. So there seems to be a trade-off between the two
approaches.

4 NUMERICAL SIMULATION
In order to validate the results of the analytical model a numerical simulation was carried out using Comsol
software. Solving the diffuse case numerically would take a long time and make the simulation harder to set
up, so a single incidence angle of θ = π/6 was chosen (more incident angles were tested but not shown for
the sake of brevity). The case analyzed in this test is a brick wall as used in section 3 but with dimensions
15× 3× 0.04m and losses η = 0.003 in order to be able see the angular resonance. The angular resonance
is tuned below the natural resonant frequency of the system. Results are shown in figure 3. The numerical
result seem to validate the analytical one. The mismatch seen in higher frequencies may be because of meshing
issues. This is going to be investigated further in the future.

5 OPTIMIZATION
The objective of optimization is to find a combination of mass ratio, spring loss factor,spring stiffness, mass
moment of inertia and the distance to the reference point that would provide the best possible sound insulation.
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Figure 2. Results for the case considering structural losses of the plate and springs a) wave speed, b) transmis-
sion loss, and c) effective mass. Vertical dashed line indicates BG limits of SDOF case and vertical dashed-dot
line the angular resonant frequency

Figure 3. Analytical and Comsol simulation for incidence angle θ = π/6
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Figure 4. Constrained parameter optimization TL results. Vertical dashed line indicates BG limits. Red vertical
dashed-dot line indicates angular resonant frequency

However, defining what is better in terms of sound insulation is not a trivial task. ISO standard 717 [19] defines
single-number quantities for airborne sound insulation of building elements such as walls. This provides a solid
base to compare different solutions, at least if considering building structures.

5.1 Cost function
The weighted sound reduction index Rw [19] is the selected value to judge which solution is better. The cost
function used in this paper is

ϕ =

(
1

Rw

)2

(9)

5.2 Constrained Optimization test case
The developed cost function is used to optimize the case presented in section 3. In order to keep the solutions
confined upper and lower bounds were used. The constraints and optimized values are shown in table 2.

Table 2. Constraints used for optimization and optimized values

Property Lower Bound Upper Bound Optimized Value
M 0.001 1 1
ηs 0.001 0.5 0.4255
s′′ 1×104 1×1010 3.477×109

J′′r 10×10−4 1 0.5976
lp 10×10−3 40×10−3 0.0254

A genetic algorithm was used for the optimization (Matlab’s “ga” function). In this way most permutations are
tested, almost ensuring a good result at the cost of efficiency. At this time, efficiency is not a concern so this
is an acceptable drawback. Figure 4 presents the result of the optimization.
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The weighted sound reduction index of the optimized metamaterial solution is Rw = 56dB meanwhile the value
for the wall with equivalent mass is Rw = 46dB. Furthermore, the minimum TL value of the optimized structure
is bigger than the minimum value of just the wall. The optimization process seems to have maximized the
frequency range where the transmission loss of the metamaterial is larger than the wall and tuned the BG above
the coincidence frequency as in the SDOF case. The angular resonance was tuned below the band gap. The
coincidence effect and angular resonance are smoothed by the losses in the springs and overall design. This
result is almost identical to the one reached for the SDOF [21]. In other words, no advantage can be seen in
the usage of this model. The feasibility of the optimized values shown in Table 2 are not explored in this study.
On the other hand, for frequencies above the band gap the TL of the wall is higher than the metamaterial.

6 DISCUSSION
The developed analytical model for sound transmission loss of a finite SLW with a coupled array of two degree
of freedom resonators was tested and analyzed. The behavior of the proposed metamaterial structure is on par
with the SDOF model presented in [21]. Around the frequency of the angular resonance there is a fast decrease
in TL followed by an increase, explained by the effective mass. For frequencies above the BG, the mass of the
resonators and the plate are moving out of phase, while below they are in phase. If the frequency region below
the BG is also below the angular resonance, the mass moment of inertia is subtracted making the effective mass
smaller. This model show a complex interaction between the resonances, even in this simplified model. The
developed model is restricted to the frequency range where the wavelengths of the vibrations traveling through
the wall are much longer than the periodic distance between the resonators. This provides a limitation when
designing these types of structures.
The numerical simulation presented in section 5 is an initial step towards the validation of the analytical result.
Further analysis has to be done, including a comparison with experimental data.
Furthermore, it is of interest to discuss the feasibility of the proposed structure as a tool to increase sound
insulation at constant mass per unit area, paying special attention to the coincidence effect problem. The an-
gular resonance does not seem to provide an advantage in terms of sound insulation. The optimization process
finished with an equivalent result to the one obtained for the SDOF case in [21]. It is worth noting that the ap-
proximation presented in this study is intended to illustrate the behavior and influence of the angular resonance
in sound insulation of this type of structure in an easier manner. The real case would be much more complex
and harder to analyze. In future work it would be interesting to validate the analytical model with experimental
data. In order to create and analyze more complex designs it is pertinent to explore the possibilities brought by
numerical methods techniques.

7 CONCLUSIONS
The analytical model developed in this paper is useful to better understand metamaterials composed of two
degree of freedom resonators and how the different parameters affect their behavior. The proposed structure
is an effective sound insulator but present not perceivable advantage over the SDOF case. The possibility of
using springs with high losses and tuning the band gap above the coincidence frequency still emerges from the
optimization process as a possible solution to this phenomenon, rendering the effect of the angular resonance
almost null.
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Topological bound states in mechanical graphene 

Johan Christensen 

 

 

Abstract: 

The discovery of topologically non-trivial electronic systems has opened a new age in condensed 

matter research. From topological insulators to topological superconductors and Weyl semimetals, it 

is now understood that some of the most remarkable and robust phases in electronic systems (e.g. 

Quantum Hall or Anomalous Quantum Hall) are the result of topological protection. In this work we 

demonstrate the acoustic analogue of a topologically bound state, a different class of non-

propagating protected state that cannot be destroyed by local perturbations. 
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ABSTRACT 

The Fano resonance is a widespread wave scattering phenomenon observed in many different systems, 

from cold atom physics, to electromagnetics, electronic circuits, and acoustics. It is characterized by a very 

sharp and asymmetric scattering cross-section spectrum that switches from a zero to a maximum value for 

two close by frequencies. Such extraordinary feature has established Fano resonances as the basic principle 

for many applications including efficient sources and emitters, switches, interferometers, or supersensitive 

sensors. Yet, these resonances are difficult to achieve in practice, as they require tight geometrical 

tolerances and large fabrication precision to guarantee their occurrence in the desired frequency range, and 

the absence of parasitic peaks. In this talk, we will discuss a route for leveraging one-dimensional 

topological insulators to generate a novel form of sturdy Fano resonances, and experimentally demonstrate 

their robustness for audible sound waves. Extension to other physical systems will be briefly discussed. 

 

Keywords: Topological insulators, Fano resonances, Acoustics, Metamaterials.  

1. INTRODUCTION 

Fano resonance occurs as a result of constructive and destructive interferences between two resonating 

states: a continuous or “bright” state and a discrete, “dark” one. Such resonances, characterized by their 

asymmetric and ultra-sharp line shapes, have recently drawn considerable amount of attention for realizing 

a large variety of optical devices with unprecedented features, including ultra-compact electromagnetically 

induced transparency devices, highly efficient lasers, ultra-fast switches and modulators, ultra-sharp filters, 

ultrathin perfect absorbers, and highly precise interferometers [1]. The ultra-sharp line shape of the Fano 

resonance has further been of utmost interest in sensing applications. More specifically, the peculiar line 

shape of the Fano resonance has been found to be extremely sensitive to geometrical and environmental 

perturbations. This property has established a fertile ground for realizing ultra-sensitive and accurate 

sensors based on such resonances [2].  

The extreme sensitivity of the Fano resonance, albeit useful for sensing, is often associated with vexing 

practical issues. In particular, it often implies tight geometrical tolerances and large fabrication precision to 

guarantee its occurrence in the desired frequency range, and the absence of parasitic peaks. As a result, the 

advantageous properties of Fano-based devices are often mitigated by the costs associated with the required 
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fabrication technology. 

In a seemingly unrelated field of research, topological insulators [3-7], materials with non-trivial 

topological orders, have been found to provide an unconventional robustness to perturbations. In fact, it has 

been widely demonstrated that edge modes flowing along the boundaries of such phases of matter are 

protected to certain classes of defects. Such protection has enabled realization of a broad range of classical 

wave devices with an unusual immunity against imperfections. Following these advances, an important 

question naturally arises: Can the abstract concept of topology also be leveraged for building a novel form 

of Fano resonances with strong robustness to disorder? In this contribution, we answer positively to this 

question, reporting our recent findings on the observation of a novel class of sturdy Fano resonances, 

dubbed as topological Fano resonances [8].     

 

2. TOPOLOGICAL FANO RESONANCES 

To achieve topological Fano resonances, we consider the configuration shown in Fig. 1a, consisting of an 

acoustic waveguide in which a Su-Schrieffer-Heeger (SSH) array [9] of cylindrical obstacles is 

implemented. Considering the reflection symmetry of the structure with respect to the centerline of the 

waveguide, one can divide the corresponding modal solutions into even and odd types. Likewise, the edge 

modes of the SSH array are either even or odd with respect to the centerline of the guide. The odd edge 

mode, originating from the so-called bound states in the continuum, is completely decoupled from the 

continuum of waveguide modes and serves as a discrete (dark) state. The even edge mode, on the contrary, 

originates from multiple scattering of sound, and serves as the slowly varying background state. By slightly 

breaking the reflection mirror symmetry of the system, these two topological edge states can couple to each 

other. This creates the Fano line shape as shown in the inset of Fig. 1a. The corresponding mode profiles of 

the dark and bright edge states are also shown in the inset.  

Since the existences of dark and bright edge modes are guaranteed by the topological properties of the 

surrounding insulators, the Fano line shape inherits some form of immunity against disorder. To 

demonstrate such salient feature, we randomly change the position of the cylinders and calculate the 

corresponding transmission coefficient (Fig. 1b). As it is observed in the figure, the Fano resonance is still 

preserved, constituting an evidence of its strong robustness to disorder.  

Based on these findings we built a prototype to experimentally demonstrate topological Fano resonances 

and validate their robustness (Fig .2a). The sample is built from an plexiglass pipe, guiding sound waves, 

and nylon plastic cylindrical rods which are manually put on their specific places inside the waveguide. The 

waveguide is excited with a loudspeaker, and the corresponding transmitted pressure field is measured. The 

bottom panel of the figure illustrates the measured transmission coefficients, extracted from analyzing the 

corresponding standing wave pattern. As we expected from our numerical findings, the interferences 

between the dark and bright edge modes creates a Fano-like resonance around the frequency 2.2 kHz. In 

order to study the effect of disorder on the Fano line shape, we randomly move some of the obstacles from 

their original places as seen in Fig. 2b, and repeat our scattering test. Inset of the figure shows the 

corresponding transmission coefficient. It is seen that the Fano line shape is still present and no parasitic 
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peaks are introduced to the spectrum. Yet, the Fano line shape can still shift, holding great promises for 

sensing applications.  

 

 

Fig.1: Topological Fano resonances, (top) A SSH array of cylinders is implemented inside an acoustic waveguide. 

(Middle) Profiles of the corresponding even and dark edge states, (bottom) Transmission Spectrum of the 

waveguide, manifesting the Fano line shape around 1.5 kHz. b, Same as a) except that some disorder is added 

to the sample. The Fano line shape shows strong immunity against disorder.  

3. CONCLUSIONS 

In summary, we showed how topology, the mathematics of conserved quantities under continuous 

deformation, can be leveraged to form a new form of sturdy Fano resonances, dubbed as topological Fano 

resonances, with an unprecedented robustness against geometrical tolerances. While we observed such type 

of resonances in acoustics, topological Fano resonances can also be observed in other physical platforms. 

For instance, by implementing a SSH array of dielectric rods inside a conventional microwave waveguide, 

one can realize topological Fano resonances based on electromagnetic waves. These findings altogether 

hold great promises for a new generation of acoustic device such as switches, sasers, modulators, etc., 

thereby enriching the toolkit of modern acoustic engineering [10-15].           
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Fig. 2: Experimental demonstration of topological Fano resonances for audible sound, a, (top) A SSH array 

of nylon plastic cylindrical rods is implemented inside a pipe made of acrylic glass. (bottom) The spectrum 

exhibits the Fano line-shape caused by the interference between the bright and dark edge modes. b, Same as 

panel a except that some disorder is added to the configuration.     
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ABSTRACT
Combustion instabilities arise due to flame-acoustic coupling. In experimental studies using laboratory test 
rigs, the exhaust is typically an open tube end. Acoustic waves are reflected at such an end with only minor 
losses and form a standing wave that interacts with the flame. If the exhaust is fitted with an aperture, the 
acoustic losses are enhanced, and intrinsic thermoacoustic modes are likely to manifest themselves. This 
paper presents an experimental study where the area ratio, (area of aperture to cross-sectional area of 
combustion chamber) is used as a bifurcation parameter, and the frequency spectra of the acoustic field are 
recorded.  is varied in the range from 1 (fully open end) to 0.02 (nearly closed end). Another parameter of 
interest is the mean flow velocity. The test rig is a swirl-stabilized premixed combustor with a settling 
chamber, burner and combustion chamber. The fuel is Liquefied petroleum gas. From the properties of the 
observed spectra, and from the measurements of the reflection coefficient at the exhaust, a network model is 
developed. This makes it possible to predict which type of mode will occur, and to calculate its frequency and 
growth rate.
Keywords: Thermoacoustic, Area ratio, Acoustic losses 

1. INTRODUCTION
Combustion instability is a significant concern for the development and design of gas turbine 

engines. In the past, many investigations have been performed for a better understanding of 
combustion instability. Experimental investigations give real-time data for the study, and modeling 
allows to understand the physics involved in it [1]. Self-excited instability arises due to an interaction 
between unsteady heat release rate from the flame and flow perturbations, in particular, acoustic waves 
inside the combustor. The flame inside the combustor acts as an acoustic source and feeds energy into 
the system. The generated acoustic waves reflect from the exit of the combustor, perturbing the flame, 
thus creating a feedback loop inside the combustor, which evolves in acoustically driven instability [2].
In a recent study by Hoeijmakers et al., [3] the exit acoustic boundary condition was close to anechoic, 
the feedback response for acoustic driven instability was cut-off. Even then, instability appeared due 
to velocity sensitive flames and was named as intrinsic thermoacoustic (ITA) instability. Therefore, 
the exit acoustic boundary condition plays a crucial role in identifying the interaction between acoustic 
waves and flame inside the combustor. 

In gas turbine engines, the combustor is followed by turbines blades at the exit, which in real case 
changes the exit area of the combustor. Many recent studies have already revealed the effect of 
boundary conditions on the instability[4]. Flame responds to the acoustic waves generated inside the 
duct. An experimental study performed by Murugesan et al., [5] on two different area ratios,  (cross-section area of exit to the cross-sectional area of the combustion chamber) showed the effect 
of acoustic boundary condition on flame-acoustic interaction. ITA mode of instability was discussed in 
the same study. This instability was further identified due to the interaction of flame and acoustic 
waves traveling upstream. The corresponding boundary condition at the exit was close to anechoic. 
The study was limited to two . A systematic investigation is required in which the exit is fitted with 

1 mohanv@iitk.ac.in
2 sathesh@iitk.ac.in
3 m.a.heckl@keele.ac.uk
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a variable area aperture. In the present study, we focus on the investigation of changing the acoustic 
boundary condition by fixing the combustor exit with a variable area aperture (valve), in which the exit 
area can be adjusted. A change in the area changes the reflection coefficient at the exit.

In the past, the reflection coefficient at the exit of the duct with uniform geometry had been studied 
thoroughly. In a theoretical investigation, Levine et al., [6] identified the effect of frequency on the 
reflection coefficient of an un-flanged open end. Kariko et., al. [7] analyzed Laval nozzles with area 
variation with non-zero mean flow. They used the concept of acoustic conductivity of the nozzle, 
which gives the relation between phase shifts of pressure to velocity fluctuations. In turn, acoustic 
conductivity is directly related to the reflection coefficient of the nozzle. In a theoretical and 
experimental study by Johnston et al., [8] in 1977, they devised a new impedance tube method for 
determination of reflection coefficient at the boundary, which is fixed with orifice obstruction, nozzle. 
The reflection coefficient was found to be independent of the flow inside the duct. In a theoretical 
study, Cargill [9] used a theoretical model to study the effect of sound radiation from a duct. The 
energy reflected from the exit boundary is compared with that of Levine [6] for open end. In the same 
study, the effect of Mach number on the reflection coefficient was investigated. In an experimental 
study, Poinsot et al., [10] explained that the coupling between acoustic modes and combustion 
instabilities is affected by the reflection coefficient at the exit. Davies et al., [11] in their numerical 
study, investigated the effect of different discontinuities in the cross-section geometries on reflection 
coefficient. In a computational study conducted by Norris et al., [12], they determined the impact of 
flanged and un-flanged ends on reflection coefficient. 

In a gas turbine engine, turbine blades are fixed at the exit of the combustor, which leads to an 
effective reduction in the exit area (reduction in ). This change in at the exit changes the 
reflection coefficient at the exit. The change in reflection coefficient at the combustor exit affects the 
acoustic energy inside the combustor, which in turns affects the physical phenomenon for combustion 
instability. The mechanism of combustion instability strongly depends on the boundary condition at 
the exit [13].

In the present study, two microphone technique (14-16) is used to determine the reflection 
coefficient at the exit of a combustor. Four microphones are fixed at different axial locations of the 
combustor. The exit area is changed by setting a variable aperture (using a gate valve) at the exit. 
Experimental determination of reflection coefficient as a function of , frequency, and Mach number 
is the main focus of the present study.  

2. EXPERIMENTAL SETUP
Experiments are performed on a test rig, as shown in figure 1. It consists of a settling chamber, mixing 
tube, swirled, primary combustor and extension ducts. Three driver units are fixed at the settling 
chamber kept at 60 degrees apart from each other, as shown in figure 1. Driver units are excited using 
a RIGOL DG1022 signal generator, in the frequency range 40-800Hz. The output of the signal 
generator is connected to an amplifier (Ahuja SSA-500EM) of 500W.  

Figure 1: Schematic of the experimental set up. Microphones are placed in M4, M3, M2 and M1 sequence

from the exit of duct (from left side of figure)
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The amplifier controls the excitation amplitude. Four microphones M1, M2, M3, and M4, mounted 
in a cooling jacket are installed at different axial locations (indicated in figure 1) from the exit. The 
axial distance between the two microphones is 200mm, which is found to be an optimum value for the 
high-frequency range, as suggested in [16]. A semi-infinite tube (6 m long) is connected to the 
microphones mounting to prevent the occurrence of acoustic resonance within the mount. A 
description of data acquisition (DAQ) system and data processing is explained elsewhere [16].

2.1 Area ratio ( ) calculations:
Figure 2(a) shows the variable aperture gate valve fixed at the end of the duct (shown in figure1) to 

reduce the area at exit. The area ratio ( = exit area/cross section of combustor) is kept varying with 
each rotation. Figure 2(b), shows the variation of  with rotation.  

Figure 2(a): Shows the valve used for varying the exit area, Figure 2(b): Area ratio (AR) versus 
rotation of the valve.

The frequency of interest in the present investigation is in the range 40-800Hz, which is much 
below the cutoff frequency( ). In the present case,  for the propagation of a non-planar mode 
(radial mode) is 1.8kHz ( /2); hence, only longitudinal modes propagate in the 
duct. The settling chamber works as Helmholtz resonator, with the mixing tube (figure 1) acts as a neck. 
Previous calculations show that the associated frequency is 72.73Hz.

3. RESULTS AND DISCUSSION
Experiments are performed on the set up shown in figure 1 for the open end (absence of gate value). 
The results for the open end are explained in section 3.1. Variable aperture (gate valve), shown in 
figure 2(a), is then fixed at the end of open for changing the exit area. The results for various  are 
illustrated in section 3.2. The variable aperture experiment is performed for two different air flow 
rates: 200 and 600slpm. Section 3.3 compares the reflection coefficient for the two air flow rates. 
Section 3.4 shows the reflection coefficient variation with . The presence of laboratory walls [16]
on reflection coefficient is found to alter the value by less than 1%, and therefore, their effects are 
neglected.

3.1 Variation of reflection coefficient for open end condition of the duct
In figure 3, experimentally determined values of the reflection coefficient are compared with the 

existing theoretical results [6]. In a practical case, the waves inside the duct are the combination of 
traveling and standing waves[11]. From the past studies [6] it has been observed that the reflection 
coefficient decreases with frequency at the exit for a uniform geometry. Figure 3(a) shows the 
variation of modulus of reflection coefficient (| |) with frequency. | | decreases with increase in 
frequency up to 220Hz. At 380, 460 and 680Hz, | | is much lesser compared to other values which 
indicate higher loss of acoustic energy. 
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phase( / ) decreases with frequency. The value of / shows whether the reflected wave will lead or 
lag the incident wave by /   ranging from 0 to 1.  In the initial condition between 40- 320Hz and 
700Hz, /  values are close to one, which shows the reflected waves are out of phase from the 
incident wave. Other values show different value for / , which indicate the reflected waves differ in 
phase from the incident wave. In the theoretical study [6], the initial value of phase shows the reflected 

between reflected and incident wave.

Figure 3 :( a) Variation of modulus of reflection coefficient (| |) with frequency for open end with
flanged case at the exit of duct (b) Variation of phase with frequency at open end exit of duct; d 

represents the distance between microphones in meter. For frequency range 40-300Hz, d=0.4m, for 
320-800Hz, d=0.2m.

3.2 Variation of Reflection coefficient for different area ratio ( ) with different air flow 
rate

For a completely open end duct, the cross-section geometry is a square size of 90X90mm. A 
variable aperture is fixed at the exit, creates a jump in cross section of duct. The circular opening of the 
variable aperture is 89mm in diameter. Completely open end with variable aperture corresponds to the 

=0.97. 

Figure 4(a), (b), (c) and (d) shows the variation of modulus of reflection coefficient and phase 
difference with air flow rate of 200slpm inside the duct. For frequency range 40-300Hz, d=0.4m, for 

320-800Hz, d=0.2m.
Figure 4 shows the experiment results with the air flow rate of 200slpm at different . Figure 4 (a) | | and (b) shows R at the exit and the corresponding | | The value at 160

and 420Hz is ignored because of resonance inside the duct. The reflection coefficient values are very 
high, which cannot be possible for the present case as no acoustic source is present at the exit of the 
duct. | | for =0.77, 0.63 and 0.45 is plotted, which shows with the reduction in , the | |-value also decreases. | | for 0.45 is lesser or equal compared to other until 400Hz. In the 
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frequency range of 400-460Hz and at 700Hz the | |-value is higher compared to other which can be 
due to resonance in the duct at 200slpm.

In figure 4(b), the phase difference / between the incident and reflected wave for the frequency 
range of 40-180Hz, 440-580Hz is higher. On the contrary, other frequency range shows the reflected 
waves are out of phase. With an increase in frequency above 180Hz, the / between reflected wave
and incident wave decreases. For the frequency range of 340-380Hz, the reflected wave is in phase 
with incident waves.

Air flow rate plays a significant role in the propagation of acoustic wave inside the duct. In figure 
4(c) and (d) shows the plot for =0.29, 0.10 and 0.02, | |-value is consistently lower between the 
ranges of 40-250Hz for lower  , with the increase in frequency, | |-value increases between 
250-620Hz. For 640-800Hz, the | | -value is smaller compared to others for lower =0.02. 
Completely close end creates the condition for the close–close end, and the standing waves are formed 
for lower .

Figure 4(d) shows the / plot for the corresponding | | with different =0.29, 0.10 and 0.02, 
respectively. For higher the / values between the frequency range of 40-180Hz, the /
value between reflected and incident wave is close to one as the frequency increases above 200Hz the / value decreases and reaches the 0 beyond 700Hz. For =0.02, the / value is higher for the 
frequency range of 40-180Hz, With an increase in frequency above 200Hz, the / decrease close to 
0 which shows the reflected wave is in the same phase with the incident wave.

Figure 5(a), (b), (c) and (d) shows the variation of modulus of reflection coefficient and phase 
difference with air flow rate of 600slpm inside the duct. For frequency range 40-300Hz, d=0.4m, for 

320-800Hz, d=0.2m. 

Figure 5(a), (b), (c) and (d) presents the variation of | | for 600slpm air flow rate. In figure 5(a) 
and (b), for =0.77, 0.63 and 0.45, between the frequency range of 300-600Hz, | | decreases with a 
decrease in . At 400Hz, the | |-value is almost same for =0.77 and 0.45. The variation is similar 
to 200slpm.

Figure 5(b), shows the same variation as shown in 200slpm for phase. The / values are close to
one, for the frequency range of 40-180Hz and 400-600Hz, as the frequency is increased above 200Hz 
and 600Hz, the / value decreases.

Figure 5(c) and (d), the =0.02 acts differently compared to 200slpm; it must be noted that at 
high flow rate with a decrease in a whistling sound is generated at the exit. It may be due to the 
vortices forming at the exit area because of the low-pressure region behind the aperture. The vortices 
forming at the exit of the duct creates acoustic waves in upstream as well downstream direction which 
can alter | |-value at the same location. For the higher flow rate at =0.02, | |–value shifts upward. 
For 600slpm, 40-100Hz, 180-240Hz, 280-340Hz, 400-600Hz, and 740-800Hz, =0.10 corresponds 
to the lowest | |-value.

In figure 5(d), the / values are same as that of 200slpm. The lower shows the reflected 
waves are in phase with incident waves in the range of 200-350Hz and 480-800Hz. For the case of the 
other two , the / value close to one between 40-180Hz, as the frequency is increased, the 
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/  value decreases.

3.3 Variation of Reflection coefficient with air flow rate:
In figure 6(a), (b), (c), the Airflow rate does not affect | |. The plot shows the same trend 

for | |-value. The decrease in at a higher flow rate will generate vortices outside the duct which 
make acoustic waves and these acoustic waves' travels in both directions upstream as well downstream. 
The upstream traveling waves contribute to instability inside the combustor. The whistle sound was 
observed at the exit for lower , i.e., 0.29, 0.10 and 0.02 during the experiment, which changes the 
boundary condition at the exit and can contribute to instability as well increase the damage inside the 
combustor. Figure 6(d) and (f) shows a higher value of | | for a higher flow rate. Figure 6(e) shows | |-value is higher for lower flow rate 200slpm, which is same as other conditions.  

Figure 6(a), (b), (c), (d), (e) and (f) shows the variation of modulus of reflection coefficient for 
different area ratio with air flow rate of 200 and 600slpm inside the duct. For frequency range 

40-300Hz, d=0.4m, for 320-800Hz, d=0.2m.

3.4 Variation of Reflection coefficient with area ratio (AR) to exit

Figure 7(a) and (b) shows the variation of modulus of reflection coefficient with different area ratio 
for different air flow rate. 

Figure 7(a) and (b) shows the variation of | | with  ,  at the exit of the combustor is 
decreased from 1-0.02. From the plot, | | is equal to 1 with the change of from 1 to 0.10. With the 
decrease in beyond 0.10, the | |-value decreases drastically for both the air flow rate. From the 
numerical model explained in [17] with variation in mean flow, the anechoic condition changes, and its 
shift to the higher value of . With the increase in air flow rate, the anechoic boundary condition 
shifts higher as explained earlier and also observed in the experiment with different air flow rate. In 
gas turbine engine the anechoic boundary condition will change as the flow rate changes will also lead 
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to change in the mechanism of instability inside the combustor chamber with the crossing of blades at 
the exit. 

4. CONCLUSIONS
The major issue with real-time running of a gas turbine engine is change in boundary with inside 

and the exit condition. The present study focuses on determining the exit boundary condition.
1. For  >0.4, the | | value remains constant for a particular frequency at constant air flow 

rate. With below 0.10, | | decreases drastically, the exit boundary act as the anechoic 
exit. With the increase in air flow rate, the anechoic boundary at exit shift to the higher 
value of , which is already discussed in [17] with a network model. The experimental 
data for an air flow rate of 200slpm and 600slpm shows a similar trend of | | as expected 
from the network model. The anechoic boundary condition can be determined 
experimentally with a better resolution for at the exit. 

2. For higher =0.77, 0.63, 0.45 and 0.29, change in air flow rate has no significant effect 
on | |, with the decrease in close to 0.10 and 0.02, the air flow rate plays a vital role in 
identifying the exit boundary condition, the higher air flow rate has higher value of | |.
This behavior can also be due to the vortices forming at the exit of combustor because of 
the low-pressure region.

3. At a particular air flow rate, with the increase in frequency, the | | value shows the very 
random trend, it's neither decreasing nor increasing. On the other hand, it is always less 
than one, which can be due to the complex geometry of the variable aperture fixed at the 
exit of the duct.

4. The / shows the difference between reflected and incident wave inside the duct. In the 
present investigation, the higher shows that / variations between 0-1, for lower 
frequency range the /  values are higher which shows the reflected waves are out of 
phase from the incident wave. For =0.02, the reflected waves are in phase with incident 
waves for most of the frequencies.
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Abstract
The damping of acoustic waves across short circular holes sustaining a high Reynolds number bias flow
is of interest in many engineering applications, such as aircraft and rocket engines liners. This damping
is generated by the interaction between acoustic waves and unsteady vortical structures generated at
the perforation rim. The objective of this work is to determine and compare the acoustic absorption
coefficient of a short circular hole sustaining a high Reynolds number, low Mach number bias flow
for two distinct models. In the first model, the acoustic response of the hole is described using an
isentropic area decrease followed by a non-isentropic area increase with large scale flow separation. In
the second model, the acoustic response of the hole is described using Howe’s model assuming that
the incoming perturbations are hydrodynamically compact. For both models, the acoustic absorption
coefficient is shown to depend on the cross section area ratio θ, Mach number inside the hole M2 and
upstream boundary acoustic reflection coefficient R1 only. For limited values of θ and M2, the acoustic
absorption coefficient remains close to zero and does not depend on R1. On the other hand, for large
values of θ and M2, the acoustic absorption coefficient is found to be highly dependent on R1 and may
become close to unity, thus indicating that a large fraction of the incoming acoustic energy is damped
across the hole for such parameters.

Keywords: Acoustic absorption, Short circular holes

1 INTRODUCTION
Short circular holes and perforated plates are used for their acoustic damping properties in many engineer-
ing applications, ranging from thermoacoustic instability control using perforated liners in aero-engines
or land-based gas turbines [1, 13, 14] to broadband noise absorption in car mufflers [12]. In most cases,
these short circular holes sustain a high Reynolds number bias flow which significantly affects the acoustic
energy balance of the system [6, 11, 15]. The main objective of this work is to predict the acoustic absorp-
tion coefficient [9, 10] of short circular holes sustaining a high Reynolds number, low Mach number bias
flow based on two analytical models widely employed in low order network tools used for thermoacoustic
stability prediction [4, 7].

The geometry of interest and the corresponding mean flow considerations are first examined in Sec. 2.
Two analytical models predicting the acoustic absorption coefficient generated by a short circular hole
sustaining a high Reynolds number, low Mach number bias flow are then derived in Sec. 3. The first
analytical model, called the 2-step (2S) model and consisting of an isentropic area decrease followed by
an area increase with large scale flow separation, is investigated in Sec. 3.1. The second analytical model,
called the quasi-steady Howe’s (QSH) model and accounting for the interaction between vortical structures
generated at the burner rim and sound waves, is investigated in Sec. 3.2. The analytical predictions of
the acoustic absorption coefficient according to these two models are then discussed in Sec. 4.
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Figure 1. Sketch representing the hole geometry. The mean flow direction is from left to right.

2 PROBLEM SETTING
The scope of this work is limited to the absorption of linear acoustic waves across single short circular
holes sustaining a high Reynolds number, low Mach number bias flow. The fluid is assumed to be a
perfect gas. The geometry of interest, represented in Fig. 1, is assumed to be axisymmetric. The single
circular perforation has a length L and a radius a and both the upstream and downstream cross section
areas are equal to A. Three reference locations are subsequently defined. The upstream (respectively
downstream) reference location is denoted by 1 (respectively 3) while the reference location inside the
perforation is denoted by 2. Each variable xi defined at reference location i can be decomposed into a
mean xi and an acoustic x′

i component such that x′
i � xi. These variables include the gas temperature

T , density ρ, pressure p, velocity u and sound speed c. Flow variables are assumed to be one-dimensional
in each of these reference sections. The system comprised between section 1 and section 3 is assumed
to be acoustically and hydrodynamically compact. The mean flow variables are assumed to be time-
independent. Body forces, thermal conduction and thermal radiation are neglected. Entropy waves are
not considered in this work. The Riemann invariant associated with sound wave propagation in the flow
direction (respectively opposite to the flow) is denoted by f (respectively g). The harmonic convention
retained in this article is exp(−iωt) following previous works [6, 15]. Nevertheless, the results presented
in Sec. 4 are valid for both harmonic conventions exp(±iωt) since the value of the acoustic absorption
coefficient does not depend on the harmonic convention.

It can be shown that the mean flow is characterized by eight dimensionless numbers:

M1 = u1/c1 || M3 = u3/c3 || α1 = p1/p2 || Ξ1 = c1/c2

M2 = u2/c2 || θ = A/πa2 || α2 = p2/p3 || Ξ2 = c2/c3
(1)

Where Mi is the mean Mach number at reference location i and αi (respectively Ξi) quantifies the mean
pressure (respectively the mean sound speed) ratio between reference locations i and i + 1. Finally,
θ represents the cross section area ratio between reference locations 1 or 3 and reference location 2.
The number of dimensionless parameters can be further reduced by considering the mean conservation
equations. Accordingly, the mean conservation of mass applied between reference locations 1 and 2 and
between reference locations 2 and 3 leads to [5, 8]:

M2Ξ1 = α1M1θ (2)
M3Ξ2θ = α2M2 (3)
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Assuming that viscous effects can be neglected at all three reference locations and neglecting terms of
order M2, the mean stagnation enthalpy conservation applied between reference locations 1 and 2 and
between reference locations 2 and 3 leads to [5]:

Ξ1 = Ξ2 = 1 (4)

Finally, mean entropy conservation is applied between reference locations 1 and 2 and between reference
locations 2 and 3 for the QSH model introduced in Sec. 3.2. The mean flow is assumed to be isentropic
throughout the system in that case. On the other hand, for the 2S model introduced in Sec. 3.1, the area
increase between reference locations 2 and 3 cannot be assumed to be isentropic because of flow separation
[5]. In that case, the mean conservation of momentum is considered between reference locations 2 and 3
[2, 5] and it is assumed that the pressure on the lateral surface just after the sudden cross section area
increase is equal to the upstream pressure p1 [2]. By neglecting terms of order M2, the mean conservation
equations for both models lead to:

α1 = α2 = 1 (5)

In the end, the structure of the mean flow is fully determined by two dimensionless numbers: the Mach
number inside the perforation M2 and the cross section area ratio θ. Furthermore, the mean pressure p,
mean temperature T , mean sound speed c and mean density ρ are constant throughout the system.

3 ACOUSTIC ABSORPTION COEFFICIENT
The acoustic absorption coefficient Δ of a compact element located between reference locations i and
i + 1 is a function of the associated S-Matrix (sometimes called Scattering Matrix) Si, boundary acoustic
reflection coefficient Ri or Ri+1, Mach numbers Mi and Mi+1, cross section area ratio θi, mean pressure
ratio αi and mean sound speed ratio Ξi only [5]. For instance, when the upstream acoustic reflection
coefficient Ri is known, the acoustic absorption coefficient is given by [5]:

Δ = 1 − (1 + Mi+1)2 |Si(1, 2) + Ri det Si|2 + θi Ξi α−1
i (1 − Mi)2 |Si(2, 2)|2

θi Ξi α−1
i (1 + Mi)2 |RiSi(2, 2)|2 + (1 − Mi+1)2 |1 − RiSi(2, 1)|2 (6)

An equivalent expression can be derived when the downstream acoustic reflection coefficient Ri+1 is known
[5]. Without loss of generality, results will be solely presented in terms of the upstream acoustic reflection
coefficient Ri in this work.

The acoustic response of a short circular hole sustaining a high Reynolds number, low Mach number bias
flow is described here using two distinct models. The 2-step (2S) model, described in Sec. 3.1, corresponds
to an isentropic area decrease followed by a non-isentropic area increase with large scale flow separation
[5]. On the other hand, the quasi-steady Howe’s (QSH) model, described in Sec. 3.2, corresponds to
an hydrodynamically compact isentropic element where acoustic damping arises because of the coupling
between unsteady vortical structures generated at the perforation rim and acoustic waves [6].

3.1 2-STEP (2S) MODEL
The 2-step (2S) model is a sequence of two more fundamental models. Viscous effects are assumed to
be negligible across the cross section area contraction, between reference locations 1 and 2 in Fig. 1.
As a consequence, the acoustic response of this subsystem is described through a transfer matrix M2S

12
corresponding to a low Mach isentropic area decrease [5]. On the other hand, large scale flow separation
occurs at the sudden area expansion, between reference locations 2 and 3 in Fig. 1. Hence, this subsystem
cannot be considered to be isentropic [2] and its acoustic response is described through a transfer matrix
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Table 1. Expressions for the acoustic absorption coefficient Δ for various limiting cases.

Limiting case 2-step (2S) model Quasi-steady Howe’s (QSH) model

Anechoic boundary
(R1=0)

1 −
(
1 + 4M2θ−1)

M2
2

(
2 − θ−1 − θ

)2 + 4
(2 − M2 (2 − θ−1 − θ))2 1 − 1 +

(
1 + 4M2θ−1)

(M2θ)2

(1 + M2θ)2

Rigid boundary
(R1=1)

0 0

Small hole
(θ � 1)

1 − |2R1 + M2 (2 − θ) (R1 − 1)|2 + 4
|2 + M2 (2 − θ) (R1 − 1)|2 + 4|R1|2 1 − |R1 (1 − M2θ) + M2θ|2 + 1

|R1|2 + |1 + M2θ (1 − R1) |2

Large hole
(θ ∼ 1)

|1 − R1|2
1 + |R1|2 M2

(
θ−1 + θ − 2

) |1 − R1|2
1 + |R1|2 2M2θ

No mean flow
(M2=0)

0 0

M2S
23 corresponding to a low Mach non-isentropic area increase with flow separation [5]. Both transfer

matrices M2S
12 and M2S

23 depend on the Mach number inside the hole M2 and the cross section area ratio
θ only:

M2S
12 =

(
1 M2

(
θ−1 − θ

)
0 θ

) ∣∣∣∣∣
∣∣∣∣∣ M2S

23 =

(
1 −2M2θ−1 (

θ−1 − 1
)

0 θ−1

)
(7)

The acoustic response of the system between reference locations 1 and 3 in Fig. 1 is then described through
the transfer matrix M2S

13 = M2S
23 M2S

12 . The acoustic response of short circular holes is represented using
this approach in many low order network tools used for thermoacoustic stability prediction [2, 7]. The
S-matrix S2S

13 describing the acoustic response of the whole system is then given by:

S2S
13 =

1
2 − M2 (2 − θ−1 − θ)

(
2 −M2

(
2 − θ−1 − θ

)
−M2

(
2 − θ−1 − θ

)
2

)
(8)

All terms of order M2 and higher are neglected in Eq. (8). This expression is then inserted in Eq. (6),
thus leading to:

Δ2S = 1 −
(
1 + 2M2θ−1) |2R1 + M2

(
2 − θ−1 − θ

)
(R1 − 1)|2 + 4

(
1 − 2M2θ−1)

4 (1 + 2M2θ−1) |R1|2 + (1 − 2M2θ−1) |2 + M2 (2 − θ−1 − θ) (R1 − 1)|2 (9)

Equation (9) is the expression of the acoustic absorption coefficient of a short circular hole sustaining
a high Reynolds number, low Mach number bias flow according to the 2-step (2S) model for a given
upstream acoustic boundary condition. Several limiting cases based on Eq. (9) and corresponding to
upstream anechoic (R1=0) or rigid (R1=1) boundary conditions, small (θ � 1) or large (θ ∼ 1) circular
holes and the absence of a mean flow (M2=0) are summarized in Table 1. The acoustic absorption
coefficient Δ cancels out whenever M2=0 or R1=1 for distinct reasons. For the first limiting case, there
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is no source of acoustic damping because large scale flow separation does not occur in a quiescent fluid.
On the other hand, when the upstream boundary reflection coefficient is equal to unity, the downstream
boundary reflection coefficient is automatically equal to unity as well for the 2S model, this being due to
the compactness assumption. As a consequence, all of the incoming acoustic energy is reflected at the
system boundaries thus leading to the absence of acoustic damping.

3.2 QUASI-STEADY HOWE’S (QSH) MODEL
The quasi-steady Howe’s (QSH) model is obtained from Howe’s model, which quantifies the acoustic
damping due to the conversion of acoustic energy into unsteady vortical energy across a short circular
hole sustaining a high Reynolds number bias flow [6]. It is further assumed here that the incoming
perturbations are hydrodynamically compact, e.g. that the Strouhal number St � 1. The expression for
the transfer matrix representing the acoustic response of the system between reference locations 1 and 3
in Fig. 1 is simplified accordingly using a Puiseux series expansion for St → 0. This simplified transfer
matrix MQSH

13 and the associated S-matrix SQSH
13 are then given by:

MQSH
13 =

(
1 −2M2θ

0 1

) ∣∣∣∣∣
∣∣∣∣∣ SQSH

13 =
1

1 + M2θ

(
1 M2θ

M2θ 1

)
(10)

Once again, all terms of order M2 and higher are neglected in Eq. (10). The expression for the S-matrix
is then inserted in Eq. (6), thus leading to:

ΔQSH = 1 −
(
1 + 2M2θ−1) |R1 + M2θ (1 − R1) |2 +

(
1 − 2M2θ−1)

(1 + 2M2θ−1) |R1|2 + (1 − 2M2θ−1) |1 + M2θ (1 − R1) |2 (11)

Equation (11) is the expression of the acoustic absorption coefficient of a short circular hole sustaining a
high Reynolds number, low Mach number bias flow according to the quasi-steady Howe’s (QSH) model for
a given upstream acoustic boundary condition. The same limiting cases as for the 2S model are derived
based on Eq. (11) and summarized in Table 1. For the same reason as before, the acoustic absorption
coefficient according to the QSH model cancels out when the upstream boundary reflection coefficient is
equal to unity. Furthermore, the acoustic damping mechanism considered in the QSH model vanishes in
the absence of a mean flow, thus leading to a zero acoustic absorption coefficient in that case.

4 RESULTS
The predictions for the acoustic absorption coefficient Δ of a short circular hole sustaining a high Reynolds
number, low Mach number bias flow according to the 2S and QSH models are now discussed. Results for
upstream anechoic boundary conditions R1 = 0 are represented as functions of the Mach number M2 for
various cross section area ratios θ in Fig. 2-(Left) and vice versa in Fig. 2-(Right). The solid and dotted
lines represent the predictions according to the 2S and QSH models respectively.

For all θ and M2 investigated, the predicted acoustic absorption coefficients lie between 0, correspond-
ing to an unaffected acoustic energy balance, and 0.5, corresponding to a 50% reduction of the acoustic
energy across the system. For limited cross section area ratios, corresponding to θ = 2 and θ = 10 in
Fig. 2-(Left), Δ is larger for the QSH model compared to the 2S model for all Mach numbers M2 inves-
tigated. Likewise, for limited Mach numbers, corresponding to M2 = 0.01 in Fig. 2-(Right), Δ is larger
for the QSH model compared to the 2S model for all cross section area ratios θ investigated. At larger
Mach numbers M2 (respectively cross section area ratios θ), there is a critical value of θ (respectively
M2) where the predictions according to the 2S model surpass those of the QSH model.
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Figure 2. Acoustic absorption coefficient of a short circular hole sustaining a high Reynolds number,
low Mach number bias flow for upstream anechoic boundary conditions as a function of M2 for various θ

(Left) and vice versa (Right). (Solid line): 2S model. (Dotted line): QSH model.

Figure 3. Acoustic absorption coefficient of a short circular hole sustaining a high Reynolds number,
low Mach number bias flow according to the 2S model as a function of the phase (x-axis) and modulus

(y-axis) of the upstream acoustic reflection coefficient R1. (Left) M1 = 0.01 - (Center) M1 = 0.05 -
(Right) M1 = 0.1. (Top) θ = 2 - (Middle) θ = 10 - (Bottom) θ = 50.
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Figure 4. Acoustic absorption coefficient of a short circular hole sustaining a high Reynolds number,
low Mach number bias flow according to the QSH model as a function of the phase (x-axis) and
modulus (y-axis) of the upstream acoustic reflection coefficient R1. (Left) M1 = 0.01 - (Center)

M1 = 0.05 - (Right) M1 = 0.1. (Top) θ = 2 - (Middle) θ = 10 - (Bottom) θ = 50.

The impact of the upstream acoustic reflection coefficient R1 on the acoustic absorption coefficient Δ is
now investigated for the 2S model, as shown in Fig. 3, and for the QSH model, as shown in Fig. 4. For
both models, three different Mach numbers M2 and cross section area ratios θ are considered.

The evolution of the acoustic absorption coefficient as a function of the modulus and phase of the upstream
acoustic reflection coefficient for given values of M2 and θ are quite similar for the 2S and QSH models.
For limited values of M2 and θ, corresponding to Fig. 3-(Top Left) and Fig. 4-(Top Left), the acoustic
absorption coefficient is close to zero whatever the acoustic reflection coefficient R1. For sizeable values
of M2 and θ, the acoustic absorption coefficient highly depends on both the modulus and phase of R1.
The largest variations for the acoustic absorption coefficient according to the QSH model are observed for
M2 = 0.1 and θ = 10 in Fig. 4-(Middle Right), where the minimum and maximum values of the acoustic
absorption coefficient are respectively ΔQSH ∼ 0 and ΔQSH = 0.8988. On the other hand, the largest
variations for the acoustic absorption coefficient according to the 2S model are observed for M2 = 0.05 and
θ = 50 in Fig. 3-(Bottom Center) with corresponding minimum and maximum values given by Δ2S ∼ 0
and Δ2S = 0.8581 respectively. For both models, most of the acoustic energy entering the system is
damped across the short circular hole for certain specific parameters. On the other hand, the acoustic
energy balance is barely affected for other sets of parameters.
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5 CONCLUSIONS
Analytical expressions for the acoustic absorption coefficient of a short circular hole sustaining a high
Reynolds number, low Mach number bias flow were derived for two distinct models. In the first model,
called the 2-step (2S) model, the acoustic response of the hole was represented using an isentropic area
decrease followed by a non-isentropic area increase with large scale flow separation. In the second model,
called the quasi-steady Howe’s (QSH) model, the acoustic damping generated across the hole was de-
scribed using Howe’s model in the limit of small Strouhal numbers, corresponding to hydrodynamically
compact perturbations. For both models, it was shown that the acoustic absorption coefficient was a
function of the cross section area ratio θ, Mach number inside the hole M2 and modulus and phase of the
upstream acoustic reflection coefficient R1. Simplified expressions for the acoustic absorption coefficient
were derived for both models for upstream anechoic boundary conditions R1 = 0 and for small (θ � 1)
and large (θ ∼ 1) holes. It was finally shown that the acoustic absorption coefficient was equal to zero
for an upstream rigid boundary condition (R1 = 1) or in the absence of a mean flow (M2 = 0) for both
the 2S and QSH models.

The predictions of the acoustic absorption coefficient according to the 2S and QSH models were subse-
quently investigated. It was demonstrated that the impact of the upstream acoustic reflection coefficient
R1 was limited for small values of the cross section area ratio θ and Mach number M2. On the other
hand, as M2 or θ became sizable, the predicted acoustic absorption coefficient became highly dependent
on the upstream acoustic reflection coefficient R1 for both models. For such conditions, the acoustic
energy balance was shown to be unaffected for certain values of R1 while most of the acoustic energy was
found to be damped across the system for other values of R1.
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Characterization of the aeroacoustic instability in a T-junction
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Abstract
Aeroacoustic resonance at a T-junction is a well-known phenomenon that has been studied using a variety of
different approaches. These include vortex-sheet modelling of the shear layer and Linearised Navier-Stokes
Equations (LNSE) incorporating a turbulence model. The aeroacoustic instability results from the constructive
interaction of the acoustic waves in the cavity and the turbulent shear layer. In the present study, measurements
of the acoustic impedance of the shear layer and of the cavity are performed at different frequencies and mean
flow velocities. These measurements are used to derive a linear model of the aeroacoustic instability and allow
for analysis of linear stability.
Keywords: Aeroacoustics, Linear model, Impedance

1 INTRODUCTION
Flow past the opening of a closed side-branch, as for example performed in a T-junction, is of great concern in
a wide variety of practical applications such as ducts, pipe and ventilation systems or even wind instruments,
since the coupling between the acoustic waves in the closed branch and the turbulent shear layer can result in
aeroacoustic resonance. This phenomenon has been the subject of multiple studies since more than 50 years,
beginning with wind tunnel experiments and first empirical models [8, 1, 10]. In later studies, more detailed
modelling of the shear layer was performed by using vortex-sheet theory [7, 5]. Latest studies include numerical
simulations to discuss the influence of the cavity edges on the generation mechanism [4], thorough experimental
investigations [6] and instability modelling using Linearised Navier-Stokes Equations (LNSE) incorporating a
turbulence model [2]. The present study aims at bridging a simple analytical model of two coupled oscillators
with the experiments performed on a rectangular T-junction.
In a first part, the analytical model used for modelling the T-junction aeroacoustic resonance will be derived.
In a second part, the experimental campaign will be described. In the last part, the results of the model with
fitted parameters will be compared with the full T-junction aeroacoustic experiments.

2 ANALYTICAL MODEL
2.1 Acoustic-hydrodynamic coupled system
The configuration considered in the present study consists in a turbulent air flow of mean velocity U running
through a channel of square cross section with a perpendicular side branch of rectangular cross section, and
whose depth L can be manually adjusted with a piston. A sketch of the system can be seen in Fig. 1.
Since the fluid in the side-branch is quiescent, a turbulent shear layer forms between the main channel and the
side branch. Depending on the mean flow velocity U and the side-branch length L, constructive feedback can
be achieved between the acoustic waves travelling inside the side branch and the shear layer, resulting in an
aeroacoustic instability. For the model, the system will be divided in two coupled subsystems: the side branch
on the one side, and the shear layer on the other side, coupled at the reference plane y = 0−. The side branch
is modelled as a damped acoustic oscillator, following the quarter-wave resonator modelling of [3]. We note
ũ the acoustic velocity in m/s and u = ρcũ the "normalized" acoustic velocity in Pa. With this, the specific
admittance of the side branch at reference plane y = 0− can be expressed in the frequency domain as follows:

1clairebo@ethz.ch, noirayn@ethz.ch
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Figure 1. Sketch of the resonant T-junction system, divided into separate acoustical elements : side branch (Eq.
1) and shear layer (Eq. 2). Please note that the shear layer element also includes the area expansion, which
means that the response of this element will be a mix of acoustic and hydrodynamic response.

AP(s) =
û
p̂
=− γs

s2 +2αs+ω2
a
, (1)

with p the acoustic pressure, s = iω the Laplace variable, and ω is the varying angular frequency. α is the
damping, γ represents the inverse of the effective mass of the oscillator, and ωa is the resonance angular
frequency of the side branch. The value of the parameters α , γ , and ωa depends on the side branch length
L. The subscript "a" stands for "acoustic", since we will label the side branch subsystem as the "acoustic
oscillator". A higher level of complexity was needed to capture the acoustic response of the shear layer, which
is why in this case a transfer function of order 2 was used for the specific impedance as follows:

ZSL(s) =
p̂
û
= G

s2 +2ds+ω2
0

s2 +2bs+ω2
h
, (2)

with G, b, d, and frequencies ω0 and ωh depending on the mean flow velocity U and to be determined from the
fit in the next section. In reality, this subsystem entails the shear layer as well as the expansion from the side
branch to the channel. For this reason, it is a mix of acoustic and hydrodynamic response. However, for the
sake of simplicity, this subsystem will be labelled as the "hydrodynamic oscillator", which is why the subscript
"h" is used, standing for "hydrodynamic". Using the two previously defined subsystems, the coupled system in
time domain becomes:  ü+2α u̇+ω2

a u =−γ ṗ

p̈+2b ṗ+ω2
h p = G(ü+2d u̇+ω2

0 u),
(3)

Using the first equation to express the second derivative of the acoustic velocity ü, the system can be rewritten: ü+2α u̇+ω2
a u =−γ ṗ

p̈+2β ṗ+ω2
h p = µ u̇+λu,

(4)
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With β = (2b+Gγ)/2, µ = 2G(d−α) and λ = G(ω2
0 −ω2

a ). The original system was now reduced to a simple
coupled system of damped harmonic oscillators with a mix of dissipative and reactive coupling.

2.2 Stability
The system can be written in matrix form using x =

(
u
p

)
:[

1 0
0 1

]
︸ ︷︷ ︸

M

ẍ+
[

2α γ

−µ 2β

]
︸ ︷︷ ︸

D

ẋ+
[

ω2
a 0

−λ ω2
h

]
︸ ︷︷ ︸

K

x = 0. (5)

Thus, the stability of this linear system depends on the sign of is eigenvalues, which are the roots of:

det(s2M+ sG+K) = (s2 +2αs+ω
2
a )(s

2 +2β s+ω
2
h )+ γs(µs+λ ) = 0. (6)

The characteristic polynomial of the system is:

s4 + s32(α +β )+ s2(ω2
a +ω

2
h +4αβ + γµ)+ s(2αω

2
h +2βω

2
a + γλ )+ω

2
a ω

2
h . (7)

The roots of this polynomial correspond to the eigenvalues of the coupled system, which will be compared to
the spectrum of the aeroacoustic instability for different velocities in Section 4.

3 EXPERIMENTS
3.1 Aeroacoustic resonance
The system considered in the present study consists of a 62x62 mm2 channel about 2m long, crossed by a flow
of mean velocity U varied between 35 and 75 m/s. In the middle of the channel, a side branch of length L
(varied between 0 and 380mm with a piston) and of cross section 62x30mm2 is connected to the main channel
via a sharp-edged perpendicular T-junction. For the rest of the study, we fix the side branch length at L = 250
mm. As can be seen in Fig. 1, four G.R.A.S. 46BD 1/4" CCP microphones are installed inside the side branch.
The pressure at the fourth microphone, at the end of the side branch, is measured for different velocities,
varying from 35 to 75 m/s. The results in terms of spectrum is shown in Fig. 2.

Figure 2. Acoustic mapping of the shear layer - side branch T-junction aeroacoustic resonance in terms of
Power Spectral Density (PSD) for different mean flow velocities U for L = 250mm. The spectra for chosen
velocities (colored dashed lines) will be compared to the fitted model in Section 4.
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Figure 3. Sketch of the impedance tube used for the subsystems reflection coefficient measurements

3.2 Identification of the model parameters
For the determination of the parameters in Eqs. 1 and 2, the acoustic response of the side branch on the one
side, and of the shear layer on the other side, is measured. For this purpose, reflection coefficient measurements
are performed using the multi-microphone method (MMM) [9] in an impedance tube of 62x30 mm2 cross-
section, equipped with 2 Beyma CP850Nd compression drivers facing each other, and 4 (for the side branch) or
6 (for the shear layer) G.R.A.S. 46BD 1/4" CCP microphones. On the microphone side end of the impedance
tube, the acoustic element to be measured is placed (in the present case, either the side branch or the expansion
+ shear layer from Fig. 1). On the loudspeaker side end of the impedance tube, an anechoic end is installed,
which prevents acoustic waves reflection. A sketch of the experimental setup can be seen in Fig. 3.
Once the reflection coefficient has been measured, the specific impedance can be obtained using Z = (R −
1)/(R+1), and the specific admittance A = 1/Z. Following this, the measurements can be fitted using Eqs. 1
and 2. The results of the measurements and fits can be found in Fig. 4.

Figure 4. (a) and (b): modulus and phase of the specific admittance of the side branch for L = 250 mm from
MMM measurements. The black dashed line corresponds to the fit based on Eq. 1. (c) and (d): real and
imaginary part of the shear layer impedance for low excitation amplitude and different velocities U . The black
dashed lines correspond to the fit based on Eq. 2. Please note the range of frequencies for which ℜ(Z) < 0,
which means that the shear layer amplifies disturbances in this region and might lead to an instability.
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Figure 5. Most unstable eigenvalue of the coupled system for varying mean flow velocity U through the channel
(top). Spectra of the aeroacoustic coupled system for the same velocities (bottom), corresponding to the colored
dashed lines in Fig. 2.

4 COMPARISON OF THE EXPERIMENTS WITH THE FITTED MODEL
The eigenvalues of the fitted model can now be compared with the frequency response of the experimental
coupled system. This comparison between the most unstable eigenvalue of the fitted model (i.e. the one with
the highest real part) and the experimental spectra from Fig. 2 is shown in Fig. 5. The imaginary part of
the model eigenvalues corresponds to the frequency of the mode, which is in excellent agreement with the
frequency of the highest peak in the spectra. For U = 74.1 and U = 70.6 m/s, the modelled system has an
eigenvalue whose real part is positive, meaning that the system is unstable. In the experimental power spectral
density (PSD), the instability is characterized by a sharp peak, which underlines the good agreements between
fitted model and experiments in terms of stability.

5 CONCLUSIONS
In the present study, the aeroacoustic resonance of a T-junction coupling a shear layer and a side branch was
studied. For this purpose, the frequency response of the coupled system was measured at different mean flow
velocities U . Then, the acoustic admittance and impedance of the two subsystems (side branch and shear layer)
were measured separately by the multi-microphone method. An analytical model was derived for the admittance
of the side branch and for the impedance of the shear layer, which parameters could be fitted on the previous
measurements. The eigenvalues of the fitted coupled system were in very good agreement with the experimental
spectra of the aeroacoustic instability, both in terms of frequency and stability.
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Abstract
Thermoacoustic oscillations result from positive feedback between acoustic fluctuations and unsteady heat trans-
fer into or out of the system. The thermoacoustic response of combustion system heat exchangers in cross flow
is assumed to be dominated by two effects: acoustic scattering at the heat exchanger tube row and unsteady
heat transfer from the tube row. While the latter causes a significant reduction in the net energy of the oscilla-
tions, the influence of both the effects on the acoustic fluctuations needs to be addressed carefully to predict the
thermoacoustic response of the heat exchanger. To this end, we adopt a sequential approach where the acoustic
scattering and the heat transfer are assumed to be independent of each other. In the present work, we focus
on the acoustic scattering behaviour of heat exchanger tubes (only) by comparing existing acoustic models for
orifices, slits and tube rows and identifying those operating regimes where the different models are valid and
overlap. This will enable us to formulate appropriate acoustic models for the various operating regimes of the
heat exchanger tube rows.
Keywords: Acoustic scattering, Heat exchangers, Aeroacoustic models

1. INTRODUCTION
The present work is motivated by the use of heat exchangers in futuristic aero-propulsion engines (1). Heat
exchangers, much like flames and other heat sources, can influence the thermoacoustic behaviour of combustion
systems that include them. Their behaviour is assumed to be dominated by two effects: acoustic scattering at the
heat exchanger tube row and the unsteady heat transfer across the tube row. It is therefore crucial to accurately
model these two effects. The present work is dedicated to the acoustic scattering effect of heat exchanger tube
rows.
Heat exchanger tubes are typically circular in cross-section, but can also be approximated by thin plates of
rectangular cross section, separated by a rectangular gap. Studies conducted with the latter configuration have
shown to have a stabilising influence on combustion systems undergoing thermoacoustic instabilities (2). There
exists vast literature for the acoustic modelling of slits and perforated plates (3), and in the present work, we
focus only on three existing models: a Quasi-steady cylinder model applied to an array of cylindrical tubes,
the Dowling and Hughes slit model applied to rectangular slits and the modified Cummings slit model adapted
for a tube row. The predictions of the acoustic scattering matrices from these models are compared in order to
establish their validity in different operating regimes of the heat exchanger tube rows.
The structure of the paper is as follows: the three existing models are described in Section 2. In Section 3, we
compare the acoustic scattering matrix predictions from the three models and draw our preliminary conclusions
in Section 4.

2. ACOUSTIC MODELS
The flow past heat exchanger tubes in cross flow is essentially flow through a gap or constriction. This produces
a jet and an associated shear layer downstream of the gap. When a low frequency acoustic wave is introduced

∗ Corresponding author: a.surendran@imperial.ac.uk
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into the system, it creates high frequency evanescent waves and low frequency planar waves. Typically, the
evanescent waves decay faster than the planar waves, and are hence found closer to the gap. Farther from
the constriction, we have only low frequency planar waves that are one dimensional. Moreover, in most of
the combustion systems undergoing thermoacoustic instabilities, the frequency range of interest is generally
∼ O(100)Hz. Therefore, in the present study, we restrict our analysis to low frequency planar 1-D waves. To
enable us to develop a 1-D model for the aeroacoustic behaviour of heat exchangers, we compare the following
existing models which account differently for the gap shape.

• A Quasi-steady model developed for a row of cylinders (Section 2.1)

• The Dowling and Hughes model for thin slits (Section 2.2)

• The modified Cummings model developed for thin slits and applied to tube rows (Section 2.3)

2.1 Quasi-steady cylinder model
The schematic of the tube row geometry considered is illustrated in Figure 1. It consists of two half cylinders
placed inside a duct of height hd and having a bias flow of velocity ug through the gap of height hg between
the cylinders. The bias flow then forms a jet of height h j downstream of the cylinder. It is sufficient to model
this system instead of an array of cylinders as they are equivalent (through the method of image sources).

hd hg
j

p̂+1 p̂+2

p̂−1 p̂−2

u1 ug u2

T1→2, R1 T2→1, R2

21

hd hg hj

p̂+1 p̂+2

p̂−1 p̂−2

u1 ug u2

T1→2, R1 T2→1, R2

1

j

2

Separation

Figure 1. Schematic for the flow domain in the Quasi-steady cylinder model

The quasi-steady model developed for tube rows can be found in Surendran et al. (4). This approach, first pro-
posed by Ronneberger (5), assumes that the time-dependent acoustic perturbations of the flow are sufficiently
slow such that the unsteady terms in the relevant 1-D conservation equations can be neglected. This is valid
for small Strouhal numbers (St = ωd/u) and small Helmholtz numbers (He = ωd/c), where ω is the angular
frequency, d is the diameter of the tube, u is the velocity and c is the speed of sound. The latter requires
that the acoustic wavelength is much larger than the tube diameter, leading to a compact tube row assump-
tion. It is also assumed that the acoustic wavelength is much larger than the mixing zone downstream of the
tube row. Consequently, no phase changes in the acoustic scattering properties are expected across the tube row.

The duct is divided into three regions: Region 1, region j and region 2. Region 1 and 2 have uniform flows
and are upstream and downstream of the cylinders, respectively. Region j lies between regions 1 and 2 and
contains the cylinders, the jet and the mixing region. Assuming isentropic and irrotational flow between the
regions 1 and j, the conservation of mass and energy under the assumptions of quasi-steadiness and perfect gas
behaviour can be applied. This yields Eqs. (1)-(3), where the variables ρ , p and γ denote the density, pressure
and ratio of specific heats, respectively, while the subscripts indicate the corresponding regions.

hdρ1u1 = h jρ ju j (continuity) (1)
1
2

u2
1 +

γ

γ−1
p1

ρ1
=

1
2

u2
j +

γ

γ−1
p j

ρ j
(energy) (2)

p1

p j
=

(
ρ1

ρ j

)γ

(isentropic) (3)

Downstream of the mixing region, the flow is uniform and non-isentropic. Hence, the conservation of mass and
momentum are used to link regions j and 2 as shown in Eqs. (4)-(5). Neglecting heat transfer, viscous and
frictional losses at the wall, conservation of energy can be applied across regions 1 and 2 as given in Eq. (6).

h jρ ju j = hdρ2u2 (continuity) (4)

hd p j +h jρ ju2
j = hd p2 +hdρ2u2

2 (momentum) (5)
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1
2

u2
1 +

γ

γ−1
p1

ρ1
=

1
2

u2
2 +

γ

γ−1
p2

ρ2
(energy) (6)

These equations (Eqs. (1)-(6)) are then linearised about a mean condition by decomposing u, p and ρ into
the sum of a mean component (¯) and a small acoustic perturbation component (′), while neglecting higher
order terms of the primed quantities (6). These decompositions are shown in Eq. (7) and the derivation of the
linearised equations can be found in Appendix D of (7). The acoustic perturbations are related to the complex
amplitudes of the forward and backward travelling pressure waves p̂+1,2 and p̂−1,2 as shown in Eq. (8), where s′

is the entropy perturbation, cp is the specific heat at constant pressure and the subscript i denote the region.
Substituting these expressions for the velocity, pressure and density perturbations yields a set of equations in
terms of p̂±1,2 that can be manipulated to form a scattering matrix. In the absence of an incoming entropy wave
(s′1 = 0), the scattering matrix will be of the form shown in Eq. (9). Here, T1→2 and R1 are the transmission and
reflection coefficients for a wave incident from upstream and T2→1 and R2 are the transmission and reflection
coefficients for a wave incident from downstream.

p = p̄+ p′ u = ū+u′ ρ = ρ̄ +ρ
′ (7)

p′i = p̂+i + p̂−i u′i =
p̂+i − p̂−i

ρ̄ici
ρ
′
i =

p̂+i + p̂−i
c2

i
− ρ̄i

cp
s′i (8)

[
p̂+2
p̂−1

]
=

[
T1→2 R2
R1 T2→1

][
p̂+1
p̂−2

]
(9)

2.2 Dowling and Hughes slit model
The Dowling and Hughes model describes the acoustic scattering behaviour of thin rectangular slits with bias
flow by extending the analysis of Howe (8). The flow domain, as shown in Figure 2, consists of two infinite
half planes connected by the slit. The infinitely long slit plate can be approximated to the geometry shown,
again through the method of image sources. Each slit has a width of hg and is spaced hd distance apart, having
a bias flow velocity of ug though the slits. The flow is assumed to be incompressible and hence ρ̄1 = ρ̄2 = ρ0.

hd hg
j

p̂+1 p̂+2

p̂−1 p̂−2

u1 ug u2

T1→2, R1 T2→1, R2

21

hd hg hj

p̂+1 p̂+2

p̂−1 p̂−2

u1 ug u2

T1→2, R1 T2→1, R2

1

j

2

Separation

Figure 2. Schematic for the flow domain in the Dowling and Hughes slit model.

Howe (8) described the attenuation of acoustic waves incident on screens with circular perforations by assuming
that the acoustic losses are due to the unsteady convection of vorticity from the hole rims. Using stagnation
enthalpy B = p′/ρ0 +

1
2 u2 as the acoustic variable, the acoustic field is described using Howe’s analogy (9),

reducing the problem to that of solving an inhomogeneous Helmholtz equation in stagnation enthalpy (Eq. (10)).

(∇2 + k2)B =−∇ · (Ω′× ūg), (10)

where k is the wave number, Ω′ is the amplitude of linear vorticity perturbations generated by the incident
acoustic wave, and ūg is the mean convection velocity of the shed vorticity. It is assumed that vorticity is
convected without any dissipation by the mean flow, and its strength is determined by the Kutta condition.
Dowling and Hughes solved Eq. (10) in the limit of small open area ratio (η = hg/hd) and small Helmholtz
number. They showed that the transmission and reflection coefficients can be determined by Eqs. (11) and (12),

T1→2 = ρ0ωV̇/(khd) , (11)
R1 = 1−T1→2, (12)

with
ρ0ωV̇

khd
=

iπη/(2StMg)

iπη/(2StMg)− ln(πη)+ ln2/Φ(St)
, (13)
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Φ(St) = 1− 1
St ln2

 πI0 (St)e−St +2isinh(St)K0 (St)

πe−St
[
I1 (St)+ I0(St)

St ln2

]
+2isinh(St)

[
K0(St)
St ln2

]
−K1 (St)

 , (14)

where V̇ is the perturbation volume flux through the slit, St = ωhg/(2ug), Mg = ūg/c is the mean Mach number
of the bias flow and Im and Km are the modified Bessel functions of order m. Again, the scattering matrix
would be of the form shown in Eq. (9).

2.3 Modified Cummings slit model
Cummings (10, 11) developed a model to describe the acoustic transmissions through duct terminations using
unsteady Bernoulli’s equation. The configuration studied in (10) is shown in Figure 3a, where an incompressible
uniform mean flow with superimposed plane acoustic waves travels through a converging nozzle of circular cross
section. The flow then separates at the nozzle exit to form a jet with height hvc (vena contracta). The velocities
at 1 and 2 can be related to the gap velocity ug through the open area ratio η (= hg/hd) and the contraction
coefficient σ = hvc/hg as u1 = ηug and u2 = ug/σ . In the present study, we adapt a similar flow structure for
the slit (see Figure 3b), where the uniform flow upstream of the slit separates at the slit edge forming a jet.

hg

hd hvc

1

2

u1

u2

p̂+1 p̂+2

p̂−1 p̂−2

u2

T1→2, R1 T2→1, R2

2

1

hd hg

hvc

u1

(a) Converging nozzle flow (Cummings and
Eversman (10))

hg

hd hvc

1

2

u1

u2

p̂+1 p̂+2

p̂−1 p̂−2

u2

T1→2, R1 T2→1, R2

2

1

hd hg

hvc

u1

(b) Flow though a slit (Present study)

Figure 3. Geometry used in the modified Cummings model.

Applying unsteady Bernoulli’s equation from region 1 to 2 yields∫ 2

1
ρ0

dug

dt
dx+

ρ0

2
(
u2

2−u2
1
)
= p1− p2. (15)

Defining an effective length L for the slug of fluid undergoing unsteady motion at the slit as
∫ 2

1 ρ0 (dug/dt)dx
= ρ0L(dug/dt), the Cummings equation (Eq. (15)) can be written as

ρ0L
du′g
dt

+ρ0
(
ūg +u′g

)2 1−η2σ2

2σ2 = p1− p2. (16)

Cummings (11) argued that for high amplitude pressure fluctuations, the jet formed at the orifice can grow and
diminish periodically due to flow reversal, causing L to vary. However, for low amplitude pressure perturbations
that do not lead to flow reversal, Luong et al. (12) suggested that L = 2l0 + lw, where l0 ≈ (π/4)hg is the end
correction contributed by the duct termination with irrotational flow on one side and lw is the thickness of the
orifice. Subtracting the steady contribution from Eq. (16), and for small η , one can obtain the equation for
perturbations as (12)

(2l0 + lw)
du′g
dt

+
u′g
σ2

(
ūg +

u′g
2

)
=

pI

ρ0
, (17)

where pI = p′1− p′2. Albaharna (13) linearised Eq. (17) by neglecting the higher order terms i.e., products of
perturbation terms, and evaluated the transmission and reflection coefficients. This linearised equation (Eq. (18))
is referred to as the modified Cummings model in the present paper.

(2l0 + lw)
du′g
dt

+
u′gūg

σ2 =
pI

ρ0
(18)
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Manipulating the results in (13) for an acoustic wave incident from the upstream side with temporal variation
eiωt (see Figure 3b), we obtain the transmission and reflection coefficients as

T1→2 =
2

1+ηMg

(
4iβStM2

g +(Mg/σ)2 +1
4iβStMg/η +Mg/(ησ2)+2/(1+ηMg)

)
, (19)

R1 =

(
4iβStMg/η +Mg/

(
ησ2

)
4iβStMg/η +Mg/(ησ2)+2/(1+ηMg)

)
, (20)

where St = ωhg/(2ug) and β is the end correction coefficient. Albaharna used σ = 0.75 as suggested and
experimentally validated by Cummings (11), and used the end correction model for rectangular perforations
suggested in (14), to define β . However, this model does not hold for situations where the slit length � slit
width as β becomes infinite. Therefore, in the present study, we use the end correction for a rectangular orifice
in a baffle wall as given in (15) i.e.,

β =
l0
hg

=
1
π

ln
[

1
2

tan
(

πη

4

)
+

1
2

cot
(

πη

4

)]
(21)

3. RESULTS FOR MODEL COMPARISONS
The transmission, reflection and absorption coefficients for the different models (and their corresponding ge-
ometries) are compared in this section. The absorption coefficient (α) is defined as the ratio of the acoustic
energy absorbed to the acoustic energy incident (16). Across any two regions denoted by 1 and 2, α1→2 can
be expressed as

α1→2 = 1−
[∣∣p̂−1 ∣∣2 (1−M1)

2 +
∣∣p̂+2 ∣∣2 (1+M2)

2 (ρ̄1c1/ρ̄2c2)A2/A1∣∣p̂+1 ∣∣2 (1+M1)
2 +
∣∣p̂−2 ∣∣2 (1−M2)

2 (ρ̄1c1/ρ̄2c2)A2/A1

]
, (22)

where A is the area of cross section. For the analysis provided in this paper, we have used the system
properties shown in Table 1. Here, d is the diameter of the cylinder and µ is the dynamic viscosity.

Table 1. System properties

Property Unit Value Property Unit Value
d [m] 0.02 µ [Pa s] 1.8×10−5

ρ [kg/m3] 1.2 η - 0.1
c [m/s] 700 γ - 1.4

Figure 4 shows the coefficients predicted by the three models for various excitation frequencies (in terms of the
St), Mg = 0.1 and η = 0.1. The Dowling and Hughes model (D&H) and the modified Cummings model (MC)
are for rectangular slits and the Quasi-steady model (QS) is for tube rows. It can be observed that the D&H and
MC models are consistent and exhibit similar behaviour in frequency, whereas the QS model, experimentally
validated in (4), does not exhibit any dependence on frequency. It can also be noted that at very low Strouhal
numbers (St ≤ 0.4), the D&H and MC models also predict quasi-steady behaviour, reinforcing the low Strouhal
and low Helmholtz numbers assumptions used in the QS model for similar flow and geometry considerations.
However, the QS model predicts a higher transmission and lower reflection and absorption coefficients compared
to the other two models.
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Figure 4. Transmission, reflection and absorption coefficients for an upstream perturbation for Mg = 0.1 and
η = 0.1.
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The predictions of the different models for a given frequency such that St→ 0 (= 10−6), η = 0.1 and for various
gap Mach number Mg are shown in Figure 5. Though the overall trend exhibited by the different coefficients
are similar, the QS model is seen to again predict higher transmission and lower reflection coefficients for
lower Mg values. For the transmission coefficient, as Mg increases, the MC model is seen to diverge from the
D&H model, though the reflection and absorption coefficients are consistent. Since the QS model has been
experimentally verified for tube rows (4) and the D&H model has been experimentally verified for plates with
slits (6), it can be concluded that tube rows cannot be approximated as rectangular slits as was proposed in (13).
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Figure 5. Transmission, reflection and absorption coefficients for an upstream perturbation for St→ 0 and
η = 0.1.

The discrepancy between the predictions of the QS and MC models can be explained by the different incom-
pressible steady flow loss coefficients implied by Eq. (5) and Eq. (16). The loss coefficient defined as

K =
∆p0

0.5ρ0u2
g
, (23)

and applied to the QS and MC models give

KQS = (1−η j)
2 , (24)

KMC =

(
1

σ2 −η
2
)
. (25)

where η j = h j/hd . Since η , η j and σ are less than 1, KMC > KQS, demonstrating that the MC model implies
a greater loss or dissipation than the QS model. If we treat σ or the contraction coefficient as an arbitrary
quantity, KMC can be matched with KQS or any other given loss coefficient. The effect of this matching is
depicted in Figure 6 and 7, where the low Strouhal limit of the MC model now coincides with the QS model.
In Figure 7, the small deviation between the two models at higher Mach numbers may be due to the different
linearised forms of Eqs. (5) and (16). Such an adjustment might allow the use of the MC model to tube rows,
provided an appropriate end correction is applied.
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Figure 6. Transmission, reflection and absorption coefficients for an upstream perturbation for Mg = 0.1 and
η = 0.1. The contraction coefficient in the modified Cummings model is adjusted to match KMC with KQS.

4. CONCLUSIONS
In order to describe the acoustic scattering behaviour of heat exchanger tube rows, we considered three existing
models: the Quasi-steady cylinder model applied to tube rows, the Dowling and Hughes slit model applied
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Figure 7. Transmission, reflection and absorption coefficients for an upstream perturbation for St→ 0 and
η = 0.1. The contraction coefficient in the modified Cummings model is adjusted to match KMC with KQS.

to rectangular slits and the modified Cummings slit model. The predictions for the transmission, reflection
and absorption coefficients for the three models show that the slit models are more dissipative than the tube
row model, indicating that heat exchanger tube rows cannot be approximated as rectangular slits. However,
predictions from the modified Cummings model, corrected for the incompressible steady flow loss coefficient,
gave better agreement with the results of the Quasi-steady model, for low Strouhal and Helmholtz numbers.
One of the advantages of using such a corrected loss coefficient approach is that this information is readily
available through empirical correlations or from steady CFD simulations, for most geometries widely used in
engineering applications, and hence can be easily incorporated into the MC model. Presently, studies are being
undertaken to extend the approach given in this paper to accommodate heat transfer in the flow domain.
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Abstract
Heat exchangers are widely used in industries where heat needs to be transferred from one fluid to another fluid.
For example, there are plate-fin heat exchangers in gas turbine engines, shell and tube heat exchangers in oil
refineries and tube bundle heat exchangers in domestic boilers. Among the different types of exchangers, tube
bundle exchangers are the most commonly used heat exchange equipments. In this paper, heat exchanger with
the structure of tube rows with bias flow and possible acoustic interaction at the tube row is studied for the
acoustic reflection and transmission. The numerical methodology solving the linearized Navier-Stokes equation
in the frequency domain is used. It has the advantage of taking into account the flow effects, viscous losses as
well as thermal losses in the acoustic propagation. The simplified geometry for the heat exchanger investigated
in this paper is a two-dimensional rectangular duct with two half cylinders with a bias flow going through the
gap between the cylinders. In the current study, the acoustic response is predicted numerically with the cold
flow only and compared to the experimental data, as a preparation for the next study with the hot flow.
Keywords: Heat Exchangers, Bias-flow, LNSE, Frequency domain

1 INTRODUCTION
Tube-rows exist widely in engineering applications, for example, in tube bundle heat exchangers, in domestic
boilers, in air coolers. Multiple physical phenomenon can happen when flow passing through the tube rows.
As addressed in [1], from the acoustic point of view, acoustic waves can scatter on the tube rows, leading to
the sound transmission and reflection; flow separation due to the cross-flow, leading to the generation of the
vorticity waves, etc.

Figure 1. Schematic of three-dimensional tube-rows
with bias-flow.

Figure 2. The simplified two-dimensional nu-
merical geometry of the tube-row heat exchang-
ers investigated in the paper, where R = 10 mm,
Hp=25 mm, Lu = 40R and Ld = 40R, respectively.

An array of cylinders in cross-flow can be modelled as a single cylinder in a hard-walled flow-duct through
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using the image sources method [1]. Therefore, the three-dimensional heat exchanger with tube-rows as Fig.
(1) shown is simplified to the two-dimensional rectangular duct with two half cylinders as Fig. (2) illustrates. In
the paper, the acoustic response is investigated numerically with the geometry as Fig. (2) shown with bias-flow
at different Mach numbers.
When the flow is passing through the two half cylinders within the duct, a jet flow is formed. Recirculation
zones are formed as well by shear layers along the jet flow. Such shear layers are unstable to low frequency
perturbations, energy is transferred from the acoustic waves to the vorticity waves. It is of interest to investigate
the flow-acoustic interaction for the tube-row heat exchangers.

2 NUMERICAL METHODOLOGY
The linearized Navier-Stokes equations are derived from the full compressible Navier–Stokes equations. A fre-
quency domain approach has been taken by prescribing harmonic time-dependence of the perturbed quantities.
In this way, any perturbed quantity can be represented as q′(x,ω, t) = Re{q̂(x)eiωt}, where q̂ is a complex quan-
tity and ω is the angular frequency. The frequency domain linearized Navier-Stokes equations used in the paper
are presented as:

iωρ̂ +∇ · (ρ0ûuu+ ρ̂uuu0) = 0
iωρ0ûuu+(ûuu ·∇)uuu0 +(uuu0 ·∇)ûuu+ ρ̂(uuu0 ·∇)uuu0 = ∇ ·σσσ

ρ0Cp(iωT̂ + ûuu ·∇T0 +uuu0 ·∇T̂ )+ ρ̂Cp(uuu0 ·∇T0)− (iω p̂+ ûuu ·∇p0 +uuu0 ·∇ p̂)− T̂
T0

(uuu0 ·∇p0) = ∇ · (k∇T̂ )+Φ

(1)

with
σσσ =−p̂ppI+µ(∇ûuu+(∇ûuu)T )+(µB−

2
3

µ)(∇ · ûuu)I

and

ρ̂ = ρ0(
p̂
p0
− T̂

T0
)

where a hat ˆ indicates a perturbed quantity, a subscript zero indicates mean flow quantities, ρ is the density,
p is the pressure, uuu is the velocity vector, T is the temperature, ω is the angular frequency, µ is the dynamic
viscosity. µB is the bulk viscosity, Cp is the heat capacities for constant pressure, k is the thermal conductivity,
I is the unit matrix and Φ is the viscous dissipation of mechanical energy due to the shear viscosity and the
fluid relaxation losses, which is a function of velocity, dynamic viscosity, and bulk viscosity, defined as:

Φ = [µ(∇ûuu+(∇ûuu)T )+(µB−
2
3

µ)(∇ · ûuu)I] ·∇ûuu

Boundary conditions are needed for each dependent variable. Different boundary conditions are set up for the
top and the bottom duct walls as well as the walls of the heat exchangers. The following boundary conditions
are used in simulations.
At the top and bottom duct walls, a rigid, symmetrical, adiabatic wall boundary condition is imposed as:

n̂nn · ûuu = 0, n̂nn ·∇ρ̂ = 0 and − n̂nn · (k∇T̂ ) = 0 (2)

In the vicinity of the heat exchangers, at the wall of two half cylinders, rigid, no-slip, isothermal wall boundary
conditions are applied as:

ûuu = 0, n̂nn ·∇ρ̂ = 0 and T̂ = 0 (3)

where n̂nn is the unit vector normal to the duct wall. It should be noted that as the velocity components are
restricted to zero on all edges.
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3 BACKGROUND MEANFLOW
Linearization of the Navier–Stokes equations is performed by splitting the quantities of the total field into
the mean part and the perturbed part, where the mean flow field is supposed to be obtained first for the
following acoustic simulations. In this paper, the steady state mean flow is simulated with a compressible
Reynolds-Averaged Navier–Stokes (RANS) solver, with the SST turbulence model. Figure (3) presents the
steady state mean flow field of a simplified two-dimensional heat exchanger geometry when inlet flow speed is
uin = 11.5m/s, yielding a Mach number of Ma = 0.033. In the computational dynamic fluid (CFD) simulations,
the velocity is prescribed at the inlet of the duct; the top and bottom of duct wall, the symmetric boundary
condition is applied; on the two half cylinders, the non-slip wall boundary condition is applied together with
the wall functions at y+ ≈ 1; at the outlet of the duct, an ambient pressure boundary condition is applied.

Figure 3. Mean flow field with the inlet flow speed uin = 11.5m/s, yielding Ma = 0.033: (a) shows the flow
velocity component u0x and streamlines of the steady-state meanflow in [m/s]; (b) shows the flow velocity
component u0y in [m/s]; (c) shows the pressure p0 in [Pa] and (d) shows the turbulent eddy viscosity µT in
[Pa·s].

It is observed in Fig. (3) that a jet with a maximum flow speed of about 60 m/s, i.e. Ma ≈ 0.175 is formed
downstream of the two half cylinders due to the geometrical contraction. The jet has a length of about 2–4
duct diameters, expanding into a channel flow, a recirculation zone thus exhibits. In the recirculation zone, the
flow reattaches at about 3-5 duct diameters downstream of the two half cylinders. Further downstream, the flow
is again the unperturbed channel flow. The sound–vortex interaction is assumed to happen at the shear layer of
the jet flow.
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Figure 4. Schematic of the CFD mesh and the acoustic mesh in the vicinity of the half cylinder: (a) CFD
mesh; (b) acoustic mesh.

4 MAPPING BETWEEN CFD AND ACOUSTICS MESH
In most numerical cases, the CFD mesh and the acoustic mesh are two independent meshes. The CFD mesh
needs to be generated with respect of the characteristics of the flow field, while, the acoustic mesh can be
generated with the rule of thumb that, 7 numerical cells per wave length are enough. In addition, the boundary
layer mesh in the CFD mesh and in the acoustic mesh does not need the same resolution. For example, in the
CFD simulations, in the near wall region, the flow boundary layer mesh is generated under the consideration
of the dimensionless wall distance y+ with 7-8 cells, however, the acoustic boundary layer mesh is generated
within 4-5 cells, the thickness is frequency dependent and calculated by δA =

√
(2µ)/(ωρ), where ρ is density

of the fluid, µ is the dynamic viscosity and ω is the angular frequency.
When the CFD and the acoustic models are not solved on the same computational mesh, numerical noise can
happen as the terms containing gradients of the background mean flow variables can become very noisy. There-
fore, careful mapping of the CFD solution from the CFD mesh onto the acoustics mesh should be done in order
not to introduce non-physical numerical noise into the acoustics solution. In the heat exchanger simulations, two
different mesh are used as Fig. (4) shows. The acoustic mesh used for the solutions of the perturbed quantities
is triangular mesh with about 54000 elements.
A mapping technique with mapping equations that smooths the background flow variables is used. In the
mapping, the mean background flow pressure p0, velocity field u0 and turbulent viscosity µT variables are
mapped onto the corresponding variables on the acoustics mesh p0(aco), u0(aco), and µT (aco). The mapping and
smoothing is achieved by solving the Eq. (4):

p0(aco)− p0 = δh2
∇ ·∇p0(aco)

u0(aco)−u0 = δh2
∇ ·∇u0(aco)

µT (aco)−µT = δh2
∇ ·∇µT (aco)

(4)

where the term on the right hand side adds smoothing using isotropic diffusion. The amount of diffusion is
controlled by the parameter δ (a constant that can be tuned) and the mesh size squared, h2. The term in some
sense corresponds to source term stabilization as known from CFD.
The comparison of the velocity profile between the CFD mesh and the acoustic mesh with mapping technique
is plotted in Fig. (5). The mapping technique generally works well, there are only discrepancies at the sharp
edge of the velocity profile, as Fig. (5) shown.
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Figure 5. Comparison of the velocity profile between the CFD mesh and the acoustic mesh.

5 ACOUSTIC SIMULATIONS
As the mean flow field is calculated already, the perturbed field including both acoustic as well as vorticity
perturbations is solved through the Eqs. (1). The simulations are carried out in COMSOL MultiphysicsV5.3,
which is a commercial finite element method (FEM) solver. The Mach number and the frequencies are chosen
corresponding to those measured in the experiments of [1]. The frequency of the incident wave is 150 Hz,
250 Hz and 350 Hz, respectively. The seven mean flow velocities are: uin = 5.0,7.5,9.5,11.5,13.5,14.5 and 15.5
m/s, corresponds to the Mach number: Ma = 0.015,0.021,0.027,0.033,0.039,0.042 and 0.045.
As shown in Fig. (6) and Fig. (7), at the cylinders, acoustic waves are scattered, part of the acoustic waves
are transmitted downstream and part of the acoustic waves are reflected upstream. Besides that, some of the
acoustic energy is transferred to the vorticity waves. The vorticities are convected by the mean flow, those
become even stronger in the shear layer of the flow.
In order to obtain the acoustic scattering properties for the heat exchangers with tube-row geometries, and to
compare with experimental results, the perturbed field is decomposed into upstream and downstream propagating
acoustic waves. The acoustic properties are then formulated as a scattering matrix by using the Two Microphone
technique (TMM), more details about the TMM can be found in [2]. The magnitudes of the enthalpy scattering
matrix calculated from simulations as well as experimental results are shown in Fig. (8). In the experiments,
usually the acoustic pressure is measured, however, the enthalpy scattering matrix is present in this paper by
using the convention below [1]:

[
T P

1→2 RP
2

RP
1 T P

2→1

]
︸ ︷︷ ︸

Measurements

=

T1→2

(
1+M1
1+M2

)
R2

(
1−M2
1+M2

)
R1

(
1+M1
1−M1

)
T2→1

(
1−M2
1−M1

)
︸ ︷︷ ︸

Scattering elements plotted in Fig. (8)

(5)

M1 refers to the Mach number at the inlet of the duct, while, M2 refers to the Mach number further downstream
of the heat exchanger.
As can be seen from Fig. (8) the results from the simulations are in good agreement with the experimental
results from [1]. The numerical results predict the scattering of enthalpy precisely when the incident wave is
imposed from the downstream side, corresponding to the scattering matrix elements |T2−1| and |R2|. There are
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Figure 6. Perturbed field at frequency f = 2000 Hz for Ma = 0.033 (a) particle velocity perturbations in [m/s]
(b) density perturbations in [kg/m3] (c) temperature perturbations in [K] (d) pressure perturbations in [Pa].

Figure 7. Perturbed field at frequency f = 350 Hz for Ma = 0.033 (a) particle velocity perturbations in [m/s]
(b) density perturbations in [kg/m3] (c) temperature perturbations in [K] (d) pressure perturbations in [Pa].
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more discrepancies for the scattering matrix element |R1| compared with the experimental results, and this is
possibly due to inaccuracies in the simulations of the meanflow, i.e., the thickness of the shear layer or the
reattachment point of the flow. It has been noticed that |R1| seems to be the scattering matrix element that
is most sensitive to mean flow errors [3]. In the acoustic numerical simulations, it is always a difficulty to
reproduce the same flow profile as the measurements.

Figure 8. Magnitudes of the enthalpy scattering matrix, plotted as a function of Ma number at frequencies
f = 150,250,350 Hz, respectively. Dashed lines with markers: simulations, solid lines: experimental results
from [1].

6 CONCLUSIONS
In this paper, a numerical study of the acoustic scattering from tube-row heat exchangers with bias-flow at
seven different Mach numbers is carried out. The simulations are performed by means of solving the linearized
Navier-Stokes equations (LNSE) in frequency domain, taking into account the hydrodynamic effect as well as
the viscous effect. The numerical methodology has been improved through solving the energy equation, instead
of using the isentropic relation for the acoustic field compared with the previous work at KTH [4], [5], [6].
The numerical results presented in this paper clearly show that the sound-vortex interaction is resolved by the
current numerical methodology, the sound vortex is generated along the shear layer of the jet flow and convected
by the mean flow downstream of the heat exchangers, the energy is thus transferred from the hydrodynamic
mode to the vorticity mode. In addition, the acoustic scattering matrix in terms of enthalpy is compared to
the experimental results when bias-flow is present, and good agreement is found. It indicates that the flow
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effects with the Mach number up to Ma = 0.045 are not negligible on the acoustic response in tube-row heat
exchangers. For future work, the acoustic response with incident waves at higher frequencies will be examined
and the heat transfer will be included in the heat exchanger simulations.
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Abstract
The classical model for the sound absorption of microperforated panels (MPPs) is well developed. For a thin
MPP, however, interaction between the air flow on the two sides of the panel may invalidate the impedance end
correction in the model. In this paper, a correction length model is proposed to predict the transfer impedance of
a thin MPP. Numerical analysis shows that the impedance jumps take place within a distance less than one half
of the perforation radius. Provided that the panel thickness is larger than the perforation radius, impedance end
correction can be well approximated by adding 1.2 times of the radius to the panel thickness. Sound induced
vibration also significantly affects the sound absorption. Herein it is modeled by parallelly connecting the
average impedance of a flexible panel to the transfer impedance of a rigid MPP. The experimental results for
two different MPP configurations validate the model.
Keywords: Microperforated panels, Impedance model, Sound absorption

1 INTRODUCTION
MPPs were proposed by Maa for efficient sound absorption more than thirty years ago (1-3). The classical
MPP model combined the oscillating viscous flow model in small diameter tubes (4, 5) and Ingard’s resistive
end correction for perforations (6). Recently, many revised models have been proposed to improve the predic-
tion accuracy in the sound absorption. For examples, Allam and Åbom associated the coefficients with edge
geometry and used 4 for sharp edge holes and 2 for round edge ones (7). Bolton and Kim found that the coef-
ficient could be better represented as a function of frequency (8). Herdtle et. al. developed a 2D axisymmetric
numerical model to simulate a viscous, incompressible, oscillating flow in the time domain (9). They derived an
end correction model represented by an additional hole length. Temiz et al. investigated the effect of the edge
shape geometry on the end correction using non-dimensional parameters (10). They concluded that the end cor-
rection coefficients are functions of the shear wave number and the edge geometry. Based on the viscothermal
wave theory (11), Li derived an impedance end correction model for sharp-edged circular perforations (12). It
is revealed that a static flow resistance term should be introduced to correctly model the energy dissipation due
to the acoustic flow distortion outside the perforation.
The above models have been successfully used in predicting the sound absorption of the MPPs with moderate
thicknesses. For a thin MPP, however, interaction between the air flow on the two sides of the panel is not
negligible, which may invalidate the impedance end corrections in these models. In this paper, a correction
length model is proposed to predict the transfer impedance of a thin MPP. It shows that the impedance jumps
take place within the distance less than one half of the perforation radius. Provided that the panel thickness
is larger than the perforation radius, contribution from the end effect can be well approximated by adding 1.2
times of the radius to the thickness. Sound induced vibration also significantly affects the transfer impedance.
Herein the average impedance of a flexible panel is derived, which is parallelly connected to transfer impedance
of a rigid MPP to obtain the overall impedance. Numerical and experimental results validate that the proposed
model offers good prediction for the sound absorption of the MPPs.

∗(1)Email: lixianh@vip.sina.com
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2 MODELING
2.1 Classical MPP model
The classical model was derived from the wave propagation in narrow tubes in which the oscillatory viscous
boundary layer spans the hole diameter (1-3). For circular holes, the normal acoustic transfer impedance an
MPP with constant-diameter holes can be expressed as

ZMPP = ZPerf +ZEnd, (1)

where the impedance due to the perforations is

ZPerf =
jρωL

σ

[
1− 2

k
√
− j

J1(k
√
− j)

J0(k
√
− j)

]−1

, (2)

in which ρ is the density of air, ω is the angular frequency, L is the panel thickness, and σ is the porosity of
the MPP. In addition, k is the perforation constant defined as

k = r
√

ρω/η , (3)

where η is the dynamic viscosity, r is the hole radius, and J0 and J1 are the Bessel functions of the first kind
of the zeroth and first order, respectively.
The impedance end correction term ZEnd involves both resistive and reactive parts. Maa (1) used the surface
resistance (6), defined by

Rs =
√

2ηρω/2 (4)

to add resistive end effects and included a reactance correction term derived from the radiation impedance of a
piston. The total end correction can written as

ZEnd =
ρ

σ

(√
ηω

2ρ
+1.7 jωr

)
. (5)

2.2 Correction length model
When the thickness of an MPP is thin enough, the air flow on one side of the panel may interact with that on
the other side, which will affect the transfer impedance of the MPP according to (11). In order to investigate
the interaction between the air flows, a 2D axisymmetric finite element model is built with the thermoviscous
acoustics module of COMSOL Multiphysics R©. The setup of the finite element model is shown in Figure 1.
The radius of the hole is 0.25 mm, the thickness of the panel is 0.3 mm, and the height of the computational
domain is 0.94 mm, which corresponds to a porosity of 7%. A plane wave is incident from the left side and
a perfect matched layer is used to reduced of influence of the reflecting wave. On the right side, a plane wave
radiation boundary condition is used to model the propagation in a semi-infinite medium.
The normalized impedances of the MPP are computed along the axis of the hole at 250 Hz, 500 Hz, 1000 Hz,
2000 Hz, and 4000 Hz, which are represented by the curves with different colors in Figure 2. One can observe
the unit normalized impedances (blue circles) on the right side, which result from a plane wave propagating
in an unbounded medium. In the middle of the perforation delimited by two vertical red lines, these curves
follow exactly the impedances of the viscous wave in the circular hole given by Equation 2. Near the ends of
the hole, there are obvious impedance jumps which take place within a distance much less than one half of the
hole radius. Extending the curves in the middle section linearly to the right side, all the lines intersect Z = 1 at
almost the same position. Its distance from the right end of the hole ∆L is approximately 0.6r. It is deduced
from this observation that the impedance jumps at one end can be approximated by adding the length of the
hole by 0.6r. The impedance jumps at the left end, although slightly different from those at the right end, can
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Figure 1. Finite element model setup

be approximately by the same correction length too. Finally, the transfer impedance of the MPP including the
end correction can be written as

ZMPP = (1+1.2r/L)ZPerf. (6)

The above result is almost identical to the empirical model of Herdtle et. al. (9), where it is obtained from a
CFD simulation of an incompressible isothermal flow through a sharp edged straight hole.

Figure 2. Normalized impedance of an MPP with 0.25 mm radius and 0.3 mm thickness: (a) real part; (b)
imaginary part

When the panel thickness is further reduced to 0.15 mm, the normalized impedances are shown in Figure 3.
Even though the panel thickness is smaller than the hole radius, the correction length derived above is still valid.
Further reducing the panel thickness to 0.1 mm, the impedance jumping regions on the left and right sides begin
to merge and different correction lengths are observed for the real and imaginary parts of the impedance, as
shown in Figure 4. In such case, the end correction model given by Equation 6 is no longer valid. Fortunately,
the thickness of an MPP is seldom less than its perforation radius in practice; hence the air flows on the two
sides of the panel can be considered as independent and their influence on the impedance can be approximated
by a correction length of 0.6r each. This result is in good agreement with that obtained from the time domain
simulation of a viscous, incompressible, oscillating flow (9).
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Figure 3. Normalized impedance of an MPP with 0.25 mm radius and 0.15 mm thickness: (a) real part; (b)
imaginary part

2.3 Effect of the sound-induced vibration
In this paper, a thin flexible MPP installed in an impedance tube is considered to demonstrate the sound in-
duced vibration effect on the total transfer impedance. Since the size of the MPP is much smaller than the
shortest wavelength involved, the incident plane wave approximately exerts a uniform pressure distribution over
its surface. Suppose the nth mode shape of the vibrating MPP is φn (x), the average velocity due to the vibration
is

v̄Panel = ∑
n

iω(
∫

φn (x)dS)2

mn(ω2
n −ω2 +2iζnωωn)

∆p
S
, (7)

where mn, ωn, and ζn are the modal mass, natural frequency, and modal damping ratio of the nth mode,
respectively, ∆p is the pressure drop across the MPP, and S is its area.
Due to its small size as compared with the wavelength, the velocity component δv(x) = v(x)− v̄Panel of the
MPP couples only to the evanescent wave along the normal direction. It follows that the piston-like motion
represented by v̄Panel is sufficient to describe to sound absorption characteristics of the MPP, and an effective
impedance is defined as

ZPanel =
∆p

v̄Panel
= S

(
∑
n

iω(
∫

φn (x)dS)2

mn(ω2
n −ω2 +2iζnωnω)

)−1

. (8)

Taking into account the contribution from the air flow through the perforations, the total average velocity is
given according to (13) as

v̄ = γ v̄Panel +∆p/ZMPP, (9)

where γ = 1−σ Im(ZMPP)/ZMPP.
Thus, combining Equations (8) and (9) yields the overall impedance

Zall ≡ ∆p/v̄ = (γ/ZPanel +1/ZMPP)
−1 . (10)

When the porosity of the MPP is very small, γ ≈ 1 and Zall is actually the parallel connection of ZPanel and
ZMPP. Then the normal incident sound absorption coefficient of the absorber is

α =
4ρcRe{Zall}

(Re{Zall}+ρc)2 +(Im{Zall})2 , (11)
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Figure 4. Normalized impedance of an MPP with 0.25 mm radius and 0.1 mm thickness: (a) real part; (b)
imaginary part

where c is the air sound speed.

3 VALIDATION
To validate the proposed model, an absorber is made up of a microperforated steel disk of radius 49.8 mm and
thickness 0.4 mm, backed by a rigid cylindrical cavity of depth 50 mm. The disk is uniformly perforated by
circular holes separated from each other by a distance of 5 mm and with a diameter 0.49 mm. The material has
a density of 7800 kg/m3, Young’s modulus 210 GPa, Poisson’s ratio 0.3, and modal damping ratio 0.008. The
air has a density of 1.21 kg/m3, sound speed 340 m/s, and dynamic viscosity 1.8×10−5 Pa·s. The absorber is
installed in a impedance tube and tested according to ISO 10534-2 (14). The frequency range of the measure-
ments is from 200 to 1600 Hz. Figure 5 shows the absorption coefficients of the absorber. It is observed that
for the relatively thick MPP the flexural vibration has little effect on the absorber, except a narrow absorption
peak at its first axial symmetric mode. In such case, both Maa’s model and the proposed model provide good
estimations for the sound absorption coefficients.
To highlight the influence of the sound induced vibration on the absorber’s performance, another absorber is
made up of a microperforated aluminum disk of radius 49.8 mm and thickness 0.2 mm. The disk is uniformly
perforated by circular holes separated from each other by a distance of 5 mm and with a diameter 0.48 mm.
The material has a density of 2800 kg/m3, Young’s modulus 69 GPa, Poisson’s ratio 0.3, and modal damping
ratio 0.02. All other parameters remain the same as the first example. Figure 6 shows the absorption coefficients
of the absorber. It is observed that the absorption peak is slightly lowered and shifted to a higher frequency
due to the sound induced vibration. The proposed model provides better estimations than Maa’s model around
the sound absorption peaks.

4 CONCLUSIONS
This paper proposed a correction length model to predict the transfer impedance of a thin MPP. It is found
from the numerical simulation that the impedance jumps take place within a distance less than one half of
the perforation radius. As long as the panel thickness is larger than the perforation radius, contribution from
the two ends can be considered independently. Their effects can be well approximated by adding 1.2 times
of the perforation radius to the panel thickness. Sound induced vibration also significantly affects the sound
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Figure 5. Normal incident sound absorption coefficient of the steel MPP; Experimental data (blue), the proposed
model (black), Maa’s model (red)

absorption. It can be modeled by parallelly connecting the average impedance of a flexible panel to the transfer
impedance of a rigid MPP. Impedance tube test shows that the proposed model offers a good estimation of the
sound absorption coefficients of a thin flexible MPP.
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Abstract
It is well known that unsteady combustion can generate temperature fluctuations (also known as entropy waves
or “hot/cold spots”). These entropy waves remain silent when advected by a non-accelerated mean flow, but gen-
erate additional sound (or "noise/acoustics") when accelerated. The mean flow can be accelerated, for instance,
by a nozzle or a sudden cross-sectional area change, i.e. a hole. Several analytical models that predict entropy
noise in nozzles exist for a wide range of parameters. However, these models, which are often based on inviscid
and one-dimensional assumptions, are believed to be inadequate for holes. Several mechanisms may need to be
considered when entropy waves interact with holes, e.g. flow separation, vortex shedding, multi-dimensional
effects or non-isentropicity. In the present work, we study the effect of the entropy profile (mainly affected by
flow separation) on the generation of entropy noise. To this end, an analytical model based on a strict acoustic
analogy formulation of the problem is developed. Subsequently, an analytical solution is obtained by using the
Green’s function method.
Keywords: Entropy noise, Hole acoustics, Flow contraction, Flow expansion

1 INTRODUCTION
Temperature fluctuations are also known as entropy waves or “hot/cold spots”. Physically, they can be gen-
erated by any unsteady heat release, unsteady heat transfer or viscous effects. Entropy waves remain silent
when advected by a non-accelerated mean flow but generate additional sound when accelerated [1]. In many
laboratory-scale experiments which study this phenomenon, the mean flow acceleration is achieved by using
sudden cross-sectional area changes, such as a hole. Several analytical models that predict entropy noise in
nozzles exist in the literature, such as [10, 5, 2]. However, these models are found to be inadequate in pre-
dicting entropy noise in holes [11]. Several mechanisms may be responsible for the mismatch between theory
and experiments: flow separation, vortex shedding [5, 8, 9], shear dispersion [7] or non-isentropic effects [6]
among others. A detailed quantification of these mechanisms is still needed in order to physically clarify their
importance.
It is well known that in geometries with sharp edges (such as sudden contractions/expansions) the flow separates,
leading to low-speed recirculation regions (see Fig. 4). Entropy is advected by the local mean flow velocity and,
therefore, the flow separation strongly affects its distribution in the domain. Since entropy is the sound source,
the acoustic response of the hole is expected to be modified by the separation. In this paper, we study the effect
of the mean flow separation on the propagation of entropy and, in turn, its effect on the generation of sound.
A solution to this problem requires careful resolutions of both the acoustic field (with boundaries following the
wall) and the entropy source field (mainly following the bulk mean flow profile). To this end, a novel way to
write the acoustic governing equation based on a strict acoustic analogy formulation of the problem (with other
acoustic sources/sinks neglected and mean flow effects simplified) is firstly derived in this paper. This equation
is then solved using the Green’s function method to obtain the generated sound.
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2 THEORY
Neglecting any mass sources, the mass conservation equation can be written as

∂ρ

∂ t
+∇ · (ρuuu) = 0, (1)

where ρ denotes the density, t the time and uuu the velocity. By neglecting the viscosity and any volume force,
the momentum equation can be written in the form of stagnation enthalpy, vorticity and entropy [4]

∂uuu
∂ t

+∇B = uuu×ωωω +T ∇s, (2)

where B = h+ |uuu|2/2 (h is the enthalpy, dh = dp/ρ +T ds, and thus dB = dp/ρ +T ds+d(|uuu|2/2)), ωωω = ∇×uuu,
T the temperature and s the entropy. If we neglect any heat loss/addition and viscosity (this is equal to an
isentropic assumption), the conservation of energy can be written as

ρT
Ds
Dt

= 0, (3)

where D[ ]/Dt = (∂/∂ t +uuu ·∇)[ ] denotes the material derivation.
By combining Eqs.(1)(2)(3), and using the thermodynamic relation dρ = dp/c2 + ds ·ρ/Cp (c is the speed of
sound and Cp the heat capacity at constant pressure), we get

(
ρ

D
Dt

(
1
c2

D
Dt

)
−∇ · (ρ∇)

)
B =−∇ · (ρuuu×ωωω +ρT ∇s). (4)

Note that Eq. (4) is strict and general except for the assumptions previously outlined. In the present paper,
we focus on studying the effect of the bulk mean flow profile on affecting the entropy sound generation. To
study this, three additional assumptions are subsequently introduced. Firstly, the effect of vortex shedding is
neglected, i.e. the vorticity term on the right-hand side of Eq. (4) vanishes. Secondly, the acoustics are kept
2-D (x̂, r̂), but we assume the mean flow to be one-dimensional (the entropy wave propagates only in the axial
direction). Shear dispersion [7] and non-isentropic effects [6] are neglected and will be addressed in following
studies. Finally, the mean flow Mach number is kept small (M̄ � 1), its effect on the acoustic propagation
is neglected. It is crucial to note that neglecting mean flow effect should only be done after the linearisation
of the equation and carefully separating the acoustic source terms (the mean flow effect needs to be kept for
these terms) from the terms affecting the acoustic propagation [3, 4]. This very low Mach number assumption
is sufficient to demonstrate the effect of the bulk mean flow profile on the entropy sound generation. Higher
Mach number mean flows could be considered and are left for future work.
By writing all the terms in Eq. (4) as the sum of a mean value and a small perturbation ([ ] = ¯[ ]+ [ ]′) and
subtracting the mean parts from both sides, we obtain

1
c̄2

∂ 2 p′

∂ t2 −∇
2 p′ =

∂

∂x

(
d p̄
dx

s′

Cp

)
. (5)

This equation clearly shows how the entropy perturbation acts as an acoustic source when it passes through
a non-homogeneous mean flow field. The mean pressure profile is obtained by giving a 1-D bulk mean flow
profile shape (provided by any given function or extracted from CFD) and solving the governing equations
for 1-D isentropic nozzle flows. Both ends of the system are assumed to be anechoic. The entropy profile is
obtained by solving the linearised energy equation

∂ s′

∂ t
+ ūx

∂ s′

∂x
= 0, (6)
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<latexit sha1_base64="bB4hycL+z0tPgq9aC8tzCLlaQZY=">AAAB7nicbVDLSgNBEOyJrxhfUY9eBoPgKeyKoMeAF48RzAOSJcxOZpMhs7PLTK8QlnyEFw+KePV7vPk3TpI9aGJBQ1HVTXdXmCpp0fO+SWljc2t7p7xb2ds/ODyqHp+0bZIZLlo8UYnphswKJbVooUQluqkRLA6V6ISTu7nfeRLGykQ/4jQVQcxGWkaSM3RSpz9mmJvZoFrz6t4CdJ34BalBgeag+tUfJjyLhUaumLU930sxyJlByZWYVfqZFSnjEzYSPUc1i4UN8sW5M3rhlCGNEuNKI12ovydyFls7jUPXGTMc21VvLv7n9TKMboNc6jRDoflyUZQpigmd/06H0giOauoI40a6WykfM8M4uoQqLgR/9eV10r6q+17df7iuNa6LOMpwBudwCT7cQAPuoQkt4DCBZ3iFN5KSF/JOPpatJVLMnMIfkM8fouiPtQ==</latexit><latexit sha1_base64="bB4hycL+z0tPgq9aC8tzCLlaQZY=">AAAB7nicbVDLSgNBEOyJrxhfUY9eBoPgKeyKoMeAF48RzAOSJcxOZpMhs7PLTK8QlnyEFw+KePV7vPk3TpI9aGJBQ1HVTXdXmCpp0fO+SWljc2t7p7xb2ds/ODyqHp+0bZIZLlo8UYnphswKJbVooUQluqkRLA6V6ISTu7nfeRLGykQ/4jQVQcxGWkaSM3RSpz9mmJvZoFrz6t4CdJ34BalBgeag+tUfJjyLhUaumLU930sxyJlByZWYVfqZFSnjEzYSPUc1i4UN8sW5M3rhlCGNEuNKI12ovydyFls7jUPXGTMc21VvLv7n9TKMboNc6jRDoflyUZQpigmd/06H0giOauoI40a6WykfM8M4uoQqLgR/9eV10r6q+17df7iuNa6LOMpwBudwCT7cQAPuoQkt4DCBZ3iFN5KSF/JOPpatJVLMnMIfkM8fouiPtQ==</latexit><latexit sha1_base64="bB4hycL+z0tPgq9aC8tzCLlaQZY=">AAAB7nicbVDLSgNBEOyJrxhfUY9eBoPgKeyKoMeAF48RzAOSJcxOZpMhs7PLTK8QlnyEFw+KePV7vPk3TpI9aGJBQ1HVTXdXmCpp0fO+SWljc2t7p7xb2ds/ODyqHp+0bZIZLlo8UYnphswKJbVooUQluqkRLA6V6ISTu7nfeRLGykQ/4jQVQcxGWkaSM3RSpz9mmJvZoFrz6t4CdJ34BalBgeag+tUfJjyLhUaumLU930sxyJlByZWYVfqZFSnjEzYSPUc1i4UN8sW5M3rhlCGNEuNKI12ovydyFls7jUPXGTMc21VvLv7n9TKMboNc6jRDoflyUZQpigmd/06H0giOauoI40a6WykfM8M4uoQqLgR/9eV10r6q+17df7iuNa6LOMpwBudwCT7cQAPuoQkt4DCBZ3iFN5KSF/JOPpatJVLMnMIfkM8fouiPtQ==</latexit><latexit sha1_base64="bB4hycL+z0tPgq9aC8tzCLlaQZY=">AAAB7nicbVDLSgNBEOyJrxhfUY9eBoPgKeyKoMeAF48RzAOSJcxOZpMhs7PLTK8QlnyEFw+KePV7vPk3TpI9aGJBQ1HVTXdXmCpp0fO+SWljc2t7p7xb2ds/ODyqHp+0bZIZLlo8UYnphswKJbVooUQluqkRLA6V6ISTu7nfeRLGykQ/4jQVQcxGWkaSM3RSpz9mmJvZoFrz6t4CdJ34BalBgeag+tUfJjyLhUaumLU930sxyJlByZWYVfqZFSnjEzYSPUc1i4UN8sW5M3rhlCGNEuNKI12ovydyFls7jUPXGTMc21VvLv7n9TKMboNc6jRDoflyUZQpigmd/06H0giOauoI40a6WykfM8M4uoQqLgR/9eV10r6q+17df7iuNa6LOMpwBudwCT7cQAPuoQkt4DCBZ3iFN5KSF/JOPpatJVLMnMIfkM8fouiPtQ==</latexit>
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<latexit sha1_base64="dJ3JL7x/Sayld2eIlb9WeVo5HBg=">AAACAHicbVA9SwNBEN2LXzF+RS0sbBaDYBXuJKBlQBDLCOYDkiPsbfaSJXu7x+6cGo40/hUbC0Vs/Rl2/hv3kis08cHA470ZZuYFseAGXPfbKaysrq1vFDdLW9s7u3vl/YOWUYmmrEmVULoTEMMEl6wJHATrxJqRKBCsHYyvMr99z7ThSt7BJGZ+RIaSh5wSsFK/fNQD9gjptVAPmCoJmtDMmPbLFbfqzoCXiZeTCsrR6Je/egNFk4hJoIIY0/XcGPyUaOBUsGmplxgWEzomQ9a1VJKIGT+dPTDFp1YZ4FBpWxLwTP09kZLImEkU2M6IwMgsepn4n9dNILz0Uy7jBJik80VhIjAonKWBB1wzCmJiCaGa21sxHZEsBJtZyYbgLb68TFrnVc+tere1Sr2Wx1FEx+gEnSEPXaA6ukEN1EQUTdEzekVvzpPz4rw7H/PWgpPPHKI/cD5/AI8zlvg=</latexit><latexit sha1_base64="dJ3JL7x/Sayld2eIlb9WeVo5HBg=">AAACAHicbVA9SwNBEN2LXzF+RS0sbBaDYBXuJKBlQBDLCOYDkiPsbfaSJXu7x+6cGo40/hUbC0Vs/Rl2/hv3kis08cHA470ZZuYFseAGXPfbKaysrq1vFDdLW9s7u3vl/YOWUYmmrEmVULoTEMMEl6wJHATrxJqRKBCsHYyvMr99z7ThSt7BJGZ+RIaSh5wSsFK/fNQD9gjptVAPmCoJmtDMmPbLFbfqzoCXiZeTCsrR6Je/egNFk4hJoIIY0/XcGPyUaOBUsGmplxgWEzomQ9a1VJKIGT+dPTDFp1YZ4FBpWxLwTP09kZLImEkU2M6IwMgsepn4n9dNILz0Uy7jBJik80VhIjAonKWBB1wzCmJiCaGa21sxHZEsBJtZyYbgLb68TFrnVc+tere1Sr2Wx1FEx+gEnSEPXaA6ukEN1EQUTdEzekVvzpPz4rw7H/PWgpPPHKI/cD5/AI8zlvg=</latexit><latexit sha1_base64="dJ3JL7x/Sayld2eIlb9WeVo5HBg=">AAACAHicbVA9SwNBEN2LXzF+RS0sbBaDYBXuJKBlQBDLCOYDkiPsbfaSJXu7x+6cGo40/hUbC0Vs/Rl2/hv3kis08cHA470ZZuYFseAGXPfbKaysrq1vFDdLW9s7u3vl/YOWUYmmrEmVULoTEMMEl6wJHATrxJqRKBCsHYyvMr99z7ThSt7BJGZ+RIaSh5wSsFK/fNQD9gjptVAPmCoJmtDMmPbLFbfqzoCXiZeTCsrR6Je/egNFk4hJoIIY0/XcGPyUaOBUsGmplxgWEzomQ9a1VJKIGT+dPTDFp1YZ4FBpWxLwTP09kZLImEkU2M6IwMgsepn4n9dNILz0Uy7jBJik80VhIjAonKWBB1wzCmJiCaGa21sxHZEsBJtZyYbgLb68TFrnVc+tere1Sr2Wx1FEx+gEnSEPXaA6ukEN1EQUTdEzekVvzpPz4rw7H/PWgpPPHKI/cD5/AI8zlvg=</latexit><latexit sha1_base64="hP+6LrUf2d3tZaldqaQQvEKMXyw=">AAAB2XicbZDNSgMxFIXv1L86Vq1rN8EiuCozbnQpuHFZwbZCO5RM5k4bmskMyR2hDH0BF25EfC93vo3pz0JbDwQ+zknIvSculLQUBN9ebWd3b/+gfugfNfzjk9Nmo2fz0gjsilzl5jnmFpXU2CVJCp8LgzyLFfbj6f0i77+gsTLXTzQrMMr4WMtUCk7O6oyaraAdLMW2IVxDC9YaNb+GSS7KDDUJxa0dhEFBUcUNSaFw7g9LiwUXUz7GgUPNM7RRtRxzzi6dk7A0N+5oYkv394uKZ9bOstjdzDhN7Ga2MP/LBiWlt1EldVESarH6KC0Vo5wtdmaJNChIzRxwYaSblYkJN1yQa8Z3HYSbG29D77odBu3wMYA6nMMFXEEIN3AHD9CBLghI4BXevYn35n2suqp569LO4I+8zx84xIo4</latexit><latexit sha1_base64="07DiSVJqmFnr6L8jn+En/r2WYKo=">AAAB9XicbZDNSgMxFIXv1L9aq1Y3LtwEi+CqzLjRpSCIywr2B9pSMmnahmaSIbmjlmE2voobF4r4Ku58GzNtF9p6IHA4J+HmfmEshUXf//YKa+sbm1vF7dJOeXdvv3JQblqdGMYbTEtt2iG1XArFGyhQ8nZsOI1CyVvh5DrvWw/cWKHVPU5j3ovoSImhYBRd1K8cdZE/YXoj9SNhWqGhLC+yfqXq1/yZyKoJFqYKC9X7la/uQLMk4gqZpNZ2Aj/GXkoNCiZ5VuomlseUTeiId5xVNOK2l84WyMipSwZkqI07Csks/f0ipZG10yh0NyOKY7vc5eF/XSfB4WUvFSpOkCs2HzRMJEFNchpkIAxnKKfOUGaE+ythY5pDcMxKDkKwvPKqaZ7XAr8W3PlQhGM4gTMI4AKu4Bbq0AAGGbzAG7x7z96r9zHHVfAW3A7hj7zPHxSllZs=</latexit><latexit sha1_base64="07DiSVJqmFnr6L8jn+En/r2WYKo=">AAAB9XicbZDNSgMxFIXv1L9aq1Y3LtwEi+CqzLjRpSCIywr2B9pSMmnahmaSIbmjlmE2voobF4r4Ku58GzNtF9p6IHA4J+HmfmEshUXf//YKa+sbm1vF7dJOeXdvv3JQblqdGMYbTEtt2iG1XArFGyhQ8nZsOI1CyVvh5DrvWw/cWKHVPU5j3ovoSImhYBRd1K8cdZE/YXoj9SNhWqGhLC+yfqXq1/yZyKoJFqYKC9X7la/uQLMk4gqZpNZ2Aj/GXkoNCiZ5VuomlseUTeiId5xVNOK2l84WyMipSwZkqI07Csks/f0ipZG10yh0NyOKY7vc5eF/XSfB4WUvFSpOkCs2HzRMJEFNchpkIAxnKKfOUGaE+ythY5pDcMxKDkKwvPKqaZ7XAr8W3PlQhGM4gTMI4AKu4Bbq0AAGGbzAG7x7z96r9zHHVfAW3A7hj7zPHxSllZs=</latexit><latexit sha1_base64="EOZKvFmfrXDKeodZTzQKerO5BXE=">AAACAHicbVBNS8NAEN3Ur1q/oh48eFksgqeSiKDHgiAeK9hWaEPZbLft0s1u2J2oJeTiX/HiQRGv/gxv/hs3bQ7a+mDg8d4MM/PCWHADnvftlJaWV1bXyuuVjc2t7R13d69lVKIpa1IllL4LiWGCS9YEDoLdxZqRKBSsHY4vc799z7ThSt7CJGZBRIaSDzglYKWee9AF9gjplVAPmCoJmtDcyHpu1at5U+BF4hekigo0eu5Xt69oEjEJVBBjOr4XQ5ASDZwKllW6iWExoWMyZB1LJYmYCdLpAxk+tkofD5S2JQFP1d8TKYmMmUSh7YwIjMy8l4v/eZ0EBhdBymWcAJN0tmiQCAwK52ngPteMgphYQqjm9lZMRyQPwWZWsSH48y8vktZpzfdq/o1XrZ8VcZTRITpCJ8hH56iOrlEDNRFFGXpGr+jNeXJenHfnY9ZacoqZffQHzucPjfOW9A==</latexit><latexit sha1_base64="dJ3JL7x/Sayld2eIlb9WeVo5HBg=">AAACAHicbVA9SwNBEN2LXzF+RS0sbBaDYBXuJKBlQBDLCOYDkiPsbfaSJXu7x+6cGo40/hUbC0Vs/Rl2/hv3kis08cHA470ZZuYFseAGXPfbKaysrq1vFDdLW9s7u3vl/YOWUYmmrEmVULoTEMMEl6wJHATrxJqRKBCsHYyvMr99z7ThSt7BJGZ+RIaSh5wSsFK/fNQD9gjptVAPmCoJmtDMmPbLFbfqzoCXiZeTCsrR6Je/egNFk4hJoIIY0/XcGPyUaOBUsGmplxgWEzomQ9a1VJKIGT+dPTDFp1YZ4FBpWxLwTP09kZLImEkU2M6IwMgsepn4n9dNILz0Uy7jBJik80VhIjAonKWBB1wzCmJiCaGa21sxHZEsBJtZyYbgLb68TFrnVc+tere1Sr2Wx1FEx+gEnSEPXaA6ukEN1EQUTdEzekVvzpPz4rw7H/PWgpPPHKI/cD5/AI8zlvg=</latexit><latexit sha1_base64="dJ3JL7x/Sayld2eIlb9WeVo5HBg=">AAACAHicbVA9SwNBEN2LXzF+RS0sbBaDYBXuJKBlQBDLCOYDkiPsbfaSJXu7x+6cGo40/hUbC0Vs/Rl2/hv3kis08cHA470ZZuYFseAGXPfbKaysrq1vFDdLW9s7u3vl/YOWUYmmrEmVULoTEMMEl6wJHATrxJqRKBCsHYyvMr99z7ThSt7BJGZ+RIaSh5wSsFK/fNQD9gjptVAPmCoJmtDMmPbLFbfqzoCXiZeTCsrR6Je/egNFk4hJoIIY0/XcGPyUaOBUsGmplxgWEzomQ9a1VJKIGT+dPTDFp1YZ4FBpWxLwTP09kZLImEkU2M6IwMgsepn4n9dNILz0Uy7jBJik80VhIjAonKWBB1wzCmJiCaGa21sxHZEsBJtZyYbgLb68TFrnVc+tere1Sr2Wx1FEx+gEnSEPXaA6ukEN1EQUTdEzekVvzpPz4rw7H/PWgpPPHKI/cD5/AI8zlvg=</latexit><latexit sha1_base64="dJ3JL7x/Sayld2eIlb9WeVo5HBg=">AAACAHicbVA9SwNBEN2LXzF+RS0sbBaDYBXuJKBlQBDLCOYDkiPsbfaSJXu7x+6cGo40/hUbC0Vs/Rl2/hv3kis08cHA470ZZuYFseAGXPfbKaysrq1vFDdLW9s7u3vl/YOWUYmmrEmVULoTEMMEl6wJHATrxJqRKBCsHYyvMr99z7ThSt7BJGZ+RIaSh5wSsFK/fNQD9gjptVAPmCoJmtDMmPbLFbfqzoCXiZeTCsrR6Je/egNFk4hJoIIY0/XcGPyUaOBUsGmplxgWEzomQ9a1VJKIGT+dPTDFp1YZ4FBpWxLwTP09kZLImEkU2M6IwMgsepn4n9dNILz0Uy7jBJik80VhIjAonKWBB1wzCmJiCaGa21sxHZEsBJtZyYbgLb68TFrnVc+tere1Sr2Wx1FEx+gEnSEPXaA6ukEN1EQUTdEzekVvzpPz4rw7H/PWgpPPHKI/cD5/AI8zlvg=</latexit><latexit sha1_base64="dJ3JL7x/Sayld2eIlb9WeVo5HBg=">AAACAHicbVA9SwNBEN2LXzF+RS0sbBaDYBXuJKBlQBDLCOYDkiPsbfaSJXu7x+6cGo40/hUbC0Vs/Rl2/hv3kis08cHA470ZZuYFseAGXPfbKaysrq1vFDdLW9s7u3vl/YOWUYmmrEmVULoTEMMEl6wJHATrxJqRKBCsHYyvMr99z7ThSt7BJGZ+RIaSh5wSsFK/fNQD9gjptVAPmCoJmtDMmPbLFbfqzoCXiZeTCsrR6Je/egNFk4hJoIIY0/XcGPyUaOBUsGmplxgWEzomQ9a1VJKIGT+dPTDFp1YZ4FBpWxLwTP09kZLImEkU2M6IwMgsepn4n9dNILz0Uy7jBJik80VhIjAonKWBB1wzCmJiCaGa21sxHZEsBJtZyYbgLb68TFrnVc+tere1Sr2Wx1FEx+gEnSEPXaA6ukEN1EQUTdEzekVvzpPz4rw7H/PWgpPPHKI/cD5/AI8zlvg=</latexit><latexit sha1_base64="dJ3JL7x/Sayld2eIlb9WeVo5HBg=">AAACAHicbVA9SwNBEN2LXzF+RS0sbBaDYBXuJKBlQBDLCOYDkiPsbfaSJXu7x+6cGo40/hUbC0Vs/Rl2/hv3kis08cHA470ZZuYFseAGXPfbKaysrq1vFDdLW9s7u3vl/YOWUYmmrEmVULoTEMMEl6wJHATrxJqRKBCsHYyvMr99z7ThSt7BJGZ+RIaSh5wSsFK/fNQD9gjptVAPmCoJmtDMmPbLFbfqzoCXiZeTCsrR6Je/egNFk4hJoIIY0/XcGPyUaOBUsGmplxgWEzomQ9a1VJKIGT+dPTDFp1YZ4FBpWxLwTP09kZLImEkU2M6IwMgsepn4n9dNILz0Uy7jBJik80VhIjAonKWBB1wzCmJiCaGa21sxHZEsBJtZyYbgLb68TFrnVc+tere1Sr2Wx1FEx+gEnSEPXaA6ukEN1EQUTdEzekVvzpPz4rw7H/PWgpPPHKI/cD5/AI8zlvg=</latexit><latexit sha1_base64="dJ3JL7x/Sayld2eIlb9WeVo5HBg=">AAACAHicbVA9SwNBEN2LXzF+RS0sbBaDYBXuJKBlQBDLCOYDkiPsbfaSJXu7x+6cGo40/hUbC0Vs/Rl2/hv3kis08cHA470ZZuYFseAGXPfbKaysrq1vFDdLW9s7u3vl/YOWUYmmrEmVULoTEMMEl6wJHATrxJqRKBCsHYyvMr99z7ThSt7BJGZ+RIaSh5wSsFK/fNQD9gjptVAPmCoJmtDMmPbLFbfqzoCXiZeTCsrR6Je/egNFk4hJoIIY0/XcGPyUaOBUsGmplxgWEzomQ9a1VJKIGT+dPTDFp1YZ4FBpWxLwTP09kZLImEkU2M6IwMgsepn4n9dNILz0Uy7jBJik80VhIjAonKWBB1wzCmJiCaGa21sxHZEsBJtZyYbgLb68TFrnVc+tere1Sr2Wx1FEx+gEnSEPXaA6ukEN1EQUTdEzekVvzpPz4rw7H/PWgpPPHKI/cD5/AI8zlvg=</latexit>

6HQr 2tT�MbBQM
<latexit sha1_base64="o+v0mMQPOtjvkvXTasXRTIgUMBg=">AAAB/nicbVDLSgMxFM3UV62vUXHlJlgEV2VGCrosCOKygm2FdiiZ9LYNzWSG5I62DAV/xY0LRdz6He78G9PHQlsPBA7nnMu9OWEihUHP+3ZyK6tr6xv5zcLW9s7unrt/UDdxqjnUeCxjfR8yA1IoqKFACfeJBhaFEhrh4GriNx5AGxGrOxwlEESsp0RXcIZWartHLYQhZtcyfqQwTJiaJMdtt+iVvCnoMvHnpEjmqLbdr1Yn5mkECrlkxjR9L8EgYxoFlzAutFIDCeMD1oOmpYpFYIJsev6YnlqlQ7uxtk8hnaq/JzIWGTOKQpuMGPbNojcR//OaKXYvg0yoJEVQfLaom0qKMZ10QTtCA0c5soRxLeytlPeZZhxtYwVbgr/45WVSPy/5Xsm/LRcr5XkdeXJMTsgZ8ckFqZAbUiU1wklGnskreXOenBfn3fmYRXPOfOaQ/IHz+QP5tpYV</latexit><latexit sha1_base64="o+v0mMQPOtjvkvXTasXRTIgUMBg=">AAAB/nicbVDLSgMxFM3UV62vUXHlJlgEV2VGCrosCOKygm2FdiiZ9LYNzWSG5I62DAV/xY0LRdz6He78G9PHQlsPBA7nnMu9OWEihUHP+3ZyK6tr6xv5zcLW9s7unrt/UDdxqjnUeCxjfR8yA1IoqKFACfeJBhaFEhrh4GriNx5AGxGrOxwlEESsp0RXcIZWartHLYQhZtcyfqQwTJiaJMdtt+iVvCnoMvHnpEjmqLbdr1Yn5mkECrlkxjR9L8EgYxoFlzAutFIDCeMD1oOmpYpFYIJsev6YnlqlQ7uxtk8hnaq/JzIWGTOKQpuMGPbNojcR//OaKXYvg0yoJEVQfLaom0qKMZ10QTtCA0c5soRxLeytlPeZZhxtYwVbgr/45WVSPy/5Xsm/LRcr5XkdeXJMTsgZ8ckFqZAbUiU1wklGnskreXOenBfn3fmYRXPOfOaQ/IHz+QP5tpYV</latexit><latexit sha1_base64="o+v0mMQPOtjvkvXTasXRTIgUMBg=">AAAB/nicbVDLSgMxFM3UV62vUXHlJlgEV2VGCrosCOKygm2FdiiZ9LYNzWSG5I62DAV/xY0LRdz6He78G9PHQlsPBA7nnMu9OWEihUHP+3ZyK6tr6xv5zcLW9s7unrt/UDdxqjnUeCxjfR8yA1IoqKFACfeJBhaFEhrh4GriNx5AGxGrOxwlEESsp0RXcIZWartHLYQhZtcyfqQwTJiaJMdtt+iVvCnoMvHnpEjmqLbdr1Yn5mkECrlkxjR9L8EgYxoFlzAutFIDCeMD1oOmpYpFYIJsev6YnlqlQ7uxtk8hnaq/JzIWGTOKQpuMGPbNojcR//OaKXYvg0yoJEVQfLaom0qKMZ10QTtCA0c5soRxLeytlPeZZhxtYwVbgr/45WVSPy/5Xsm/LRcr5XkdeXJMTsgZ8ckFqZAbUiU1wklGnskreXOenBfn3fmYRXPOfOaQ/IHz+QP5tpYV</latexit><latexit sha1_base64="o+v0mMQPOtjvkvXTasXRTIgUMBg=">AAAB/nicbVDLSgMxFM3UV62vUXHlJlgEV2VGCrosCOKygm2FdiiZ9LYNzWSG5I62DAV/xY0LRdz6He78G9PHQlsPBA7nnMu9OWEihUHP+3ZyK6tr6xv5zcLW9s7unrt/UDdxqjnUeCxjfR8yA1IoqKFACfeJBhaFEhrh4GriNx5AGxGrOxwlEESsp0RXcIZWartHLYQhZtcyfqQwTJiaJMdtt+iVvCnoMvHnpEjmqLbdr1Yn5mkECrlkxjR9L8EgYxoFlzAutFIDCeMD1oOmpYpFYIJsev6YnlqlQ7uxtk8hnaq/JzIWGTOKQpuMGPbNojcR//OaKXYvg0yoJEVQfLaom0qKMZ10QTtCA0c5soRxLeytlPeZZhxtYwVbgr/45WVSPy/5Xsm/LRcr5XkdeXJMTsgZ8ckFqZAbUiU1wklGnskreXOenBfn3fmYRXPOfOaQ/IHz+QP5tpYV</latexit>
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Figure 1. A short circular hole with mean flow considered as the connection of two parts: a flow contraction
and a flow expansion. x̂ and r̂ are normalised by the hole radius Rh. For each part, s̃0 is the incoming entropy
wave at the inlet, p̃− and p̃+ the reflected and transmitted acoustic waves. All waves are plane.

subject to s′0 at the inlet.

We now solve Eq. (5) in the frequency domain (with [̃ ] denoting the Fourier amplitude of [ ]′). To this end,
we introduce a Green’s function G̃(xxx,yyy,ω) defined as

(
ω2

c̄2 +∇
2
)

G̃ = δ (xxx− yyy). (7)

As shown in Fig.1, instead of considering a hole directly, we split it into a flow contraction and a flow expan-
sion and treat them separately (a combination of these two to study the hole acoustics will be given in following
studies). A detailed explanation of the solution procedure for both configurations is given by [8, 9]. For the
sake of completeness, we briefly summarise here the procedural steps: (i) obtaining Green’s functions for both
the small and large cylindrical ducts by using the Fourier-Bessel expansion, (ii) expanding the unknown veloc-
ity oscillation at the duct interface (x̂ = 0) as the sum of a series of Bessel functions, (iii) combining Eqs.(5,7)
to write the pressure perturbations just before (x̂ = 0−) and after (x̂ = 0+) the duct interface as a function of
the given entropy perturbation and the unknown velocity oscillation at the duct interface, (iv) applying pres-
sure continuity across the interface to resolve the velocity oscillation, and (v) obtaining both the reflected and
transmitted plane acoustic waves by applying the Green’s function method again.

3 THE EFFECT OF THE DETAILED ENTROPY PROFILE ON ENTROPY NOISE
In this section, we illustrate the sensitivity of entropy sound generation to the detailed entropy distribution. To
this end, we study a sudden flow contraction and a sudden flow expansion using artificially enforced mean flow
profiles. These profiles are obtained by assuming that the geometry is a quasi-one-dimensional isentropic nozzle
with an arbitrary cross-sectional area distribution (hereafter called mean flow envelop shape). The governing
equations for such configuration are solved and the entropy field is then obtained using this velocity field
together with Eq. (6). Note that the acoustics are solved in the actual geometry.
As shown in Fig.2a, a cylinder with radius r̂ = 1.7 is connected at x̂ = 0 to a smaller cylinder with r̂ = 1. A
series of mean flow envelop shapes contracting from r̂ = 1.7 to 1 are considered. These shapes are given by
a Gauss error function with the form r̂ = 1.7−0.35×

(
1+ erf( x̂−xmid√

2σ
)
)

where σ = 0.0001 is fixed to ensure a
steep contraction and xmid varies from −0.9 to −0.0005. xmid → 0 means the mean flow envelop shape tends
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Figure 2. A flow contraction with enforced bulk mean flow envelop shapes and plane entropy waves. (a)
The bulk mean flow envelop shapes, Minlet = 0.01, (b) entropy-generated outgoing plane acoustic wave at the
upstream duct, St = ωRh/Uh = 0.0035, Uh is the mean velocity at the smaller duct. The Marble and Candel
result is obtained using the compact nozzle model [10].

to attach to the wall during the contraction. The entropy generated acoustic waves at the upstream side ( p̃−)
are shown in Fig.2b. It can be clearly seen that when the mean flow envelop shape tends to attach to the
wall, the reflected acoustic wave tends to match the compact nozzle theory [10]. However, a slight shift of the
mean flow envelop to the upstream side significantly changes the reflected acoustics, e.g. shifting the mean flow
envelop 0.1 ahead of the duct interface (xmid = −0.1) changes the acoustic reflection from about −9.5× 10−5

to −8.3×10−5.
For flow expansions, a cylinder with radius r̂ = 1 connecting at x̂ = 0 to a larger cylinder with r̂ = 1.7 is
considered in Fig. 3a. Similarly, a series of mean flow envelop shapes with r̂ = 1+ 0.35×

(
1+ erf( x̂−xmid√

2σ
)
)

where σ = 0.0001 and xmid varying from 0.0005 to 0.9 are studied. xmid → 0 means the mean flow envelop
shape tends to attach to the wall during expansion. Similar conclusions compared to the contraction are obtained
(see Fig.3b) : (i) the predicted acoustic reflection tends to the compact nozzle model when the mean flow
envelop shape tends to attach to the wall, and (ii) a slight shift of this mean flow envelop shape away from the
wall leads to significant sound generation differences.

4 APPLICATION TO SUDDEN CROSS-SECTIONAL AREA CHANGES WITH REAL-
ISTIC ENTROPY PROFILE ENVELOPES

In this section, the geometries presented in the previous section are studied using realistic mean flow envelop
shapes. To correctly account for the flow separation, the mean flow is obtained as the solution of the incom-
pressible RANS equations. A steady solution of the governing equations is obtained using the finite volume
solver OpenFOAM. The adopted turbulence model is the k−ω SST and the Reynolds number is Re = 105.

Fig. 4 depicts the velocity fields obtained for both the sudden area expansion and contraction. The flow is
separated around sharp edges, leading to low-speed recirculation regions. It is clear that, in absence of diffusive
terms, entropy waves cannot be transported inside these recirculating zones (Eq. (6)). Consequently, the distri-
bution of entropy is greatly affected by the separation. To quantify this effect, we assume that the boundary
of the recirculation bubble is defined by the streamline passing through the separation point at (x̂ = 0, r̂ = 1).
These streamlines are extracted from the CFD results and used as the mean flow envelop shapes.
The shapes for the flow contraction and expansion are shown in Figs.5a and 6a respectively. Apparently, these
flow envelopes do not always attach to the walls, so when entropy waves are inserted from the upstream inlets,
even if we consider the wave to be plane (as shown in Figs.5b and 6b) and the frequency to be very low, the
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Figure 3. A flow expansion with enforced bulk mean flow envelop shapes and plane entropy waves. (a) The
bulk mean flow envelop shapes, Minlet = 0.0289, (b) entropy-generated outgoing plane acoustic wave at the
upstream duct, St = ωRh/Uh = 0.0035. The Marble and Candel result is obtained using the compact nozzle
model [10]

(a)

(b)

Figure 4. Mean flow velocity magnitude ūuu for (a) a sudden area expansion and (b) a sudden area contraction.
White lines denote streamlines. The domains are axisymmetric with the bottom line being the axis of symmetry.
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Figure 5. A flow contraction with CFD mean flow envelop shapes and plane entropy waves. (a) The bulk mean
flow envelop shape comes from CFD, Minlet = 0.01, (b) a plane entropy wave with St = ωRh/Uh = 0.035, (c)
entropy generated outgoing plane acoustic wave at the upstream duct. The Marble and Candel result is obtained
using the compact nozzle model [10].
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Figure 6. A flow expansion with CFD mean flow envelop shapes and plane entropy wave. (a) The bulk mean
flow envelop shape comes from CFD, Minlet = 0.0289, (b) a plane entropy wave with St = ωRh/Uh = 0.035,
(c) entropy generated outgoing plane acoustic wave at the upstream duct. The Marble and Candel result comes
from the compact nozzle model in [10].

reflected acoustic pressures are different from those predicted by the compact nozzle theory. This is clearly seen
in Figs.5c and 6c where results at the low frequency limit (St < 10−2) predicted by the present model slightly
deviates from the compact nozzle model for the contraction but are significantly lower for the expansion case.
This is expected as the contraction case does not see significant mismatch between the bulk mean flow envelop
shape and the geometry boundary but the expansion case sees a big difference due to the flow separation and
thus the formation of a large recirculation region.

5 CONCLUSIONS
When a mean flow passes through a circular hole connecting two large coaxial cylinders, the difference between
the bulk mean flow profile and the geometry boundary can be significant due to the flow separation/recirculation
regions near the hole. Entropy perturbations are carried by the mean flow passing through it, and their sound
generation can be significantly affected by the detailed mismatch between the bulk mean flow profile and the
geometry boundary. This is studied for the first time in the present work by using an analytical model based
on a strict acoustic analogy formulation of the problem and a solution using the Green’s function method.
The main conclusion of the present study is that the difference between the bulk mean flow profile and the
geometry boundary for the hole case (or any other cases with flow separations) may be an important factor for
the mismatch between the experiment measurements and the predictions of existing entropy sound models [11].
Further detailed analysis and numerical validations are under active study by the authors. The authors are
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also working to relax some of the assumptions of the model in an attempt to study the coupling of additional
physical mechanisms.

ACKNOWLEDGEMENTS
The authors would like to gratefully acknowledge the Engineering and Physical Sciences Research Council
(EPSRC) Grant CHAMBER (2017-2020) and the European Research Council (ERC) Consolidator Grant AFIR-
MATIVE (2018-2023) for supporting the current research.

REFERENCES
[1] Morgans A.S.; Duran I., Entropy noise: a review of theory, progress and challenges, International Journal

of Spray and Combustion Dynamics 8 (2016) 285–298 .

[2] Duran I.; Moreau S., Solution of the quasi-one-dimensional linearized Euler equations using flow invariants
and the Magnus expansion, Journal of Fluid Mechanics 723 (2013) 190–231.

[3] Lighthill, M. J., On sound generated aerodynamically I. General theory, Proceedings of the Royal Society
of London. Series A. Mathematical and Physical Sciences, 211, 564, 1952.

[4] Howe, M. S., Acoustics of Fluid–Structure Interactions, Cambridge University Press, Cambridge, United
Kingdom, 1998.

[5] Howe, M. S., Indirect combustion noise. Journal of Fluid Mechanics 659 (2010): 267–288.

[6] De Domenico, F.; Rolland, O. E.; Hochgreb, S., A generalised model for acoustic and entropic transfer
function of nozzles with losses, Journal of Sound and Vibration, Vol. 440, 2019, pp 212-230.

[7] Morgans, A. S.; Goh, C.S.; Dahan, J. A.,The dissipation and shear dispersion of entropy waves in combustor
thermoacoustics, Journal of Fluid Mechanics, Vol. 733, R2, 2013.

[8] Yang, D.; Morgans, A. S., A semi-analytical model for the acoustic impedance of finite length circular holes
with mean flow, Journal of Sound and Vibration, Vol. 384, 2016, pp 294-311.

[9] Yang, D.; Morgans, A. S., The acoustics of short circular holes opening to confined and unconfined spaces,
Journal of Sound and Vibration, Vol. 393, 2017, pp 41-61.

[10] Marble, F.; Candel S., Acoustic disturbance from gas non-uniformities convected through a nozzle, Journal
of Sound and Vibration 55 (2) (1977), pp 225–243.

[11] Rolland, E. O.; De Domenico F.; Hochgreb S., Theory and application of reverberated direct and indirect
noise, Journal of Fluid Mechanics 819 (2017) 435–464.

2156



A likelihood based decoding mechanism for two-channel localization models

Jörg Encke(1,2), Werner Hemmert(1), Mathias Dietz(2)

(1)Bioanaloge Informationsverarbeitung, Technische Universität München, 80797, München, Germany
(2)Medizinische Physik and Cluster of Excellence Hearing4all, Universität Oldenburg, 26111, Oldenburg, Germany

Abstract
Traditionally, the neuronal representation of interaural time difference (ITD) is often modeled using a delay-line
mechanism. In contrast to delay-line models which inherently decode ITD, the model proposed here represents
interaural phase differences in form of the relative activity between neuron populations located in the two brain
hemispheres. Therefore, the localization information is only encoded in specific activities in the two hemi-
spheres. It cannot be directly determined but has to be decoded first. This study proposes a decoder based on
likelihood calculations. Instead of decoding a single phase difference for a given hemispheric activity-balance,
the likelihood that the observed activity was due to any possible phase difference is calculated. It is shown that
applying the decoder separately to different frequency channels, results in a visualization very similar to that
of a cross-correlogram used in delay-line models. It is shown that the decoder is able to account for psychoa-
coustic data, including the bandwidth-dependent lateralization of 1.5 ms delayed noise that previously imposed
a problem on two-channel models.
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Abstract
It is widely accepted that, within the binaural spatialisation domain, the choice of the Head Related Transfer
Functions (HRTFs) can have an impact on localisation accuracy and, more in general, realism and sound sources
externalisation. The impact of the HRTF choice on speech-in-noise performances in cocktail party scenarios has
though not yet been investigated in depth. Within a binaurally-rendered virtual environment, Speech Reception
Thresholds (SRTs) with frontal target speaker and lateral noise maskers were measured for 22 subjects several
times across different sessions, and using different HRTFs. Results show that for the majority of the tested sub-
jects, significant differences could be found between the SRTs measured using different HRTFs. Furthermore,
the HRTFs leading to better or worse SRT performances were not the same across the subjects, indicating that
the choice of the HRTF can indeed have an impact on speech-in-noise performances within the tested condi-
tions. These results suggest that when testing speech-in-noise performances within binaurally-rendered virtual
environments, the choice of the HRTF should be carefully considered. Furthermore a recommendation should
be made for future modelling of the speech-in-noise perception mechanisms to include monoaural spectral cues
in addition to interaural differences.
Keywords: Speech, Binaural, HRTF

1 INTRODUCTION
Binaural spatialisation is a technique which allows the creation of three-dimensional soundscapes through a
simple pair of headphones, and is widely used in interactive audio and Virtual Reality (VR) applications. The
most traditional implementation of this technique is based on the convolution between a mono signal and a
Head Related Transfer Function (HRTF), generally measured from an individual’s ears or from a dummy head
microphone. Previous studies showed that spatialising sounds using an HRTF different from someone’s own can
have an impact on localisation accuracy, for example in tasks such as front/back and up/down discrimination
[1]. Using a non-individual HRTF could also have an impact on realism, immersiveness and other qualitative
judgements of the simulated sound fields, even though high variability has been observed between expert and
naive listeners, resulting in low repeatability of the evaluation across different sessions [2].
It is known that a link exists between sound localisation and speech-in-noise perception, more specifically re-
lated with the advantages gained by being able to spatially separate the speech and noise sources [3]. This
phenomenon is known as Spatial Release from Masking (SRM), and is strongly associated with the so-called
Cocktail Party effect [4], i.e. our ability to focus on a single talker or conversation in a noisy room.
The impact of using different non-individual HRTFs when measuring speech-in-noise performances in virtual
(binaurally spatialised) cocktail party scenarios has not yet been explored extensively. This article briefly outlines
a study focussing on the measurement Speech Reception Threshold (SRT) with frontal speech target and lateral
maskers, all rendered through a pair of headphones using the binaural spatialisation technique. Different non-
individual HRTFs have been used for each subject, and a comparison between SRTs obtained with the different
filters, across different sessions, has been carried out.
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2 METHOD
Using the 3D Tune-In Toolkit binaural spatialiser [5], a virtual scenario with a frontal target speech source
and two lateral (±90◦) masking sources was created. Bisyllabic words were used for the frontal speech, and
uncorrelated babble noise for the maskers. SRT in noise corresponding to the 50% correct repetition rate for
the words was recorded through a simple up-down 2 dB step adaptive procedure [6]. Seven different measured
HRTFs [7], plus a synthetic one created through a simple one-pole one-zero model (simulating Interaural Level
Differences - ILDs) and a delay (simulating Interaural Time Differences - ITDs), were compared.
22 participants performed the test. Every individual carried out 20 sessions at different times across several
days, each one consisting in eight SRT measurements (7 measured HRTFs + 1 synthetic) in random order.

3 RESULTS
A preliminary analysis has been carried out looking at each subject individually, and averaging the SRT values
obtained in the various sessions separately for each HRTF. The first significant result is that for almost all the
individuals who took part to the test the HRTF that resulted in the worst SRT was the synthetic one. This
difference was statistically significant in over 80% of the cases. Looking at the comparison between the 7 mea-
sured HRTFs, for 9 subjects statistically significant differences could be observed between the measured SRTs,
indicating that in those cases the choice of the HRTF had a significant impact on the outcome measure. For the
remaining 13 subjects differences in SRTs between the HRTFs were observed, but these were not statistically
significant. Finally, it is important to note that the HRTFs leading to better or worse SRT performances were
not the same across the subjects, and that almost every HRTF lead at least once to the best recorded SRT.
Considering the comparisons between the synthetic and the measured HRTFs, the result seem to indicate that the
spectral monoaural features of the measured HRTFs, which were not modelled in the synthetic one, are indeed
relevant when trying to understand speech in noise in a cocktail party scenario. The comparison between the
different measured HRTFs then outlines that for certain subjects there is a significant effect of the HRTF choice
(not always the same one across subjects) on the measured SRT.
These results suggest that when testing speech-in-noise performances within binaurally-rendered virtual cocktail
party scenarios, the choice of the HRTF could have an impact on the outcome SRT measure, and should
therefore be carefully considered. Furthermore a recommendation should be made for future modelling of the
speech-in-noise perception mechanisms to include monoaural spectral cues in addition to interaural differences.
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Abstract
Audio-motor binaural localization algorithms, which combine directional cues extracted from the sensed signals
with the motion of the sensor, are known to overcome shortcomings such as font-back ambiguity and source
range non-observability. They can be improved by closing the loop from their output to the control inputs of the
sensor, i.e., the sensor motor commands. This paper presents an approach, coined “information-based feedback
control”, which drives in real time a binaural head so as to gather information on the location of a static source.
On the one hand, a “greedy” approach moves the head to its next best position. On the other hand, a multi-step-
ahead scheme determines its most effective path over a receding horizon of size N, by reasoning on average over
yet uncollected audio data. Both methods internally entail the prediction of binaural cues, e.g., ITDs, ILDs or a
combination of both. Some results can be given an elegant commonsense interpretation.
Keywords: Robot audition, Binaural hearing, Source localization, Audio-motor localization, Information-
based feedback control

1 INTRODUCTION
Since the early days of robot audition, sound source localization has been widely acknowledged as the early
fundamental stage required to endow robots with Cocktail Party ability in real environments, be this problem
tackled from the Computational Auditory Scene Analysis viewpoint or by means of standard signal processing
techniques [14]. First approaches relied on binaural sensors; in view of their moderate robustness to chang-
ing experimental conditions and of the difficulty to get and exploit accurate models of the scatterers holding
the microphones, microphone arrays were later envisaged [1]. However, the potential benefits of so-called “ac-
tive” approaches, which seamlessly combine into audio-motor schemes the sensed audio stream with the motor
commands of the sensor, had long been identified [13]. This gave rise to a renewal of interest for binaural
setups, which avoid the engineering cost and burden of multichannel synchronous acquisition. The binaural
active audition paradigm also complies with psychology and neurology approaches which consider binaural au-
dition in humans as an exploratory and purposive process, entailing the combination of hearing and motion, as
well as multiple feedback loops: e.g., from the cognitive level to low-level binaural processing stages (“shaping
the ears”), or from the cognitive level to planned motions (in order to reinforce/weaken hypotheses about the
meaning of the scene) [3]. Feedbacks loops do also exist at the very low reflex level. As a matter of fact,
the unconscious interweave of binaural sensing and head motion can well be an information-based sensorimotor
feedback which moves the head so as to decrease the spatial uncertainty on the acoustic environment.
This paper outlines an engineering approach to information-based binaural localization with robots. The aim is
to augment an audio-motor localization scheme, which computes a belief on the relative position of a sound
source with respect to a moving binaural head, with a feedback control that computes in real time the head
motion that maximizes, on average, the spatial information on the source. Before entering into details, we
overview some neighboring problems addressed in the literature.
The early approaches to binaural audio-motor localization on artificial agents noticed the obvious impact of the
head trajectory on the uncertainty associated to the source position estimate. For instance, [11] propose a sim-
ulated comparison of various head displacements, which are combined with audio cues inside a particle filter.
More recently, still relying on a particle filter, a binaural robot endowed with vision actively moves so as to
maximize the decrease of entropies between the current and next beliefs on the hidden source position. In [2],
the motions of a binaural head obtained by reinforcement learning on the basis of a frequency analysis of the
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Figure 1. Overview. Figure 2. Decomposition of active binaural localization into three stages.

sensed signals show that the expected source should be located in the median plane, or “auditory fovea”. The
Monte Carlo approach of [18] drives an agent towards a specific goal while lowering the spatial uncertainty on
a sound source by optimizing a criterion which combines the distance to the goal and the entropy of the next
source position belief. All these strategies can be termed “greedy” or “myopic”, as their aim is to get the next
best head motion. Active motion has also been considered in [8] and [12]. In the context of robotics Simul-
taneous Localization and Mapping (SLAM) with other sensing modalities, greedy active motion strategies have
also been investigated, entailing Shannon entropy, mutual information, or Fisher information matrix, e.g., [4].
Besides, efforts have been made to cope with long-term criteria, that depict the gathered information after the
application of a sequence of N motor commands. For instance, [20] designs a dynamic programming based
approximate solution to the minimization of the expectation, over the next unknown measurements, of a proba-
bilistic occupation grid. Recently, a Monte Carlo Tree Search solution [15] minimizes the expectation, over the
measurements to appear on a receding horizon, of a criterion made up with approximations of the entropies of
the source position beliefs over this horizon (themselves expressed as Gaussian sums by means of an extension
of the Gaussian sum filter proposed in [16]). Though this complete and convincing method assumes a countable
admissible set of control inputs, its major drawback is its computation time, so that it comes within planning
rather than feedback control.
The paper is organized as follows. Section 2 provides a mathematical statement of the considered information-
based binaural localization problem. It relies on a three-layer framework made up with short-term directional
source localization, audio-motor localization, information-based feedback control. The exploration is guided
by virtual exploratory audio cues that can be related to the hidden head-to-source direction by means of an
analytical equation with constant-variance additive noise. Section 3 sketches the proposed mathematical solution.
It is shown that the complexity fundamentally differs depending on whether a greedy (one-step-ahead) or N-
step-ahead problem is addressed. Rather than entering into the mathematical details of the solution detailed
elsewhere, qualitative insights are given. Section 4 presents some results, in the form of sample trajectories
corresponding to the selected exploratory audio cues. Conclusions and prospects end the paper.

2 PROBLEM STATEMENT
2.1 Notations
Consider a binaural head of approximate radius a, endowed with two microphones R1,R2 (Figure 1). Its associ-

ated frame is F = (O,−→xR,
−→yR,
−→zR), with −→xR pointing downwards, −→yR =

−−−→
R2R1
‖−−−→R2R1‖

supporting the interaural axis, and
−→zR pointing frontwards. An motionless omnidirectional sound source E emits continously. The unknown head-
to-source position is characterized by the (hidden) state vector x = (ey,ez)

T ∈R2 such that
−→
OE = ey

−→yR +ez
−→zR , or,

equivalently, by the polar coordinates (r,θ), with r =
√

e2
y + e2

z and θ =−atan2(ey,ez). As time evolves, these
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variables are subscripted by the discrete index k.
The measurement vector zk gathers the binaural information collected by R1,R2 over a short temporal snippet
ending at time k, typically the the left and right channel-time-frequency decompositions. The measurement
model between x and z, though unknown and very involved, is assumed static, i.e., zk depends solely on xk.
Between consecutive times k and k+1, the head undergoes a rigid motion. Its control input vector, or “motor
command”, is defined as uk = (T T

k ,φk)
T ∈R3, with Tk = (u1k,u2k)

T = (
−−−−→
OkOk+1.

−→yRk,
−−−−→
OkOk+1.

−→zRk)
T the 2D transla-

tion and φk = u3k =
̂(−→zRk,
−−−→zRk+1)around −→xRk

the finite rotation which, when applied in sequence, turn Fk into Fk+1.
The prior dynamics pdf p(xk+1|xk) can be equivalently described by the stochastic state equation

xk+1 = RT (φk)xk−RT (φk)Tk +wk, wk ∼N (0,Qk) (1)

where R(φ) =
(

cosφ −sinφ

sinφ cosφ

)
stands for the nontrivial diagonal block of the 3× 3 rotation matrix of angle φ

around −→xR , and the additive dynamic noise wk is assumed white zero-mean Gaussian with known covariance Qk.
Mutual independence of wk, the random initial state x0 and of all measurement noises is also assumed.

2.2 A three-layer framework to active binaural localization
Active binaural localization is addressed through the framework outlined on Figure 2. At each time k, the
following sequence is completed. Stage A processes the measurement zk so as to detect the activity of the
source and computes a HRTF-based “pseudo-likelihood” p(zk|θk) of the head-to-source azimuth θk, along [17].
Stage B assimilates all these cues up to time k and combines them with the sensor motor commands into a
Gaussian sum Unscented Kalman filter, resulting in the state (head-to-source position) filtering pdf (or “belief”)
p(xk|z1:k) ≈ ∑

Jk
j=1 γ

j
k N (xk; x̂ j

k|k,P
J
k|k) expressed as a Gaussian mixture. Observe that if Qk = 0 in (1), then the

current filtering p(xk|z1:k) and next prediction p(xk+1|z1:k) pdfs describe the same belief on the source location in
the world frame, but expressed from the respective viewpoints of Fk and Fk+1. This audio-motor localization,
described in [16], enables front-back disambiguation as well as faithful source range recovery. This paper
addresses the feedback controller featured in Stage C, which processes the state filtering pdf from Stage B so
as to move the head in the most informative way.

2.3 Information-based optimum control strategy
The fundamental problem defining Stage C can now be stated.

Multi-step-ahead information-based feedback control. At time k, given the state filtering pdf
p(xk|z1:k)≈ ∑

Jk
j=1 γ

j
k N

(
xk; x̂ j

k|k,P
j

k|k
)
, find the sequence ū∗N = u?k : u∗k+N−1 of control inputs to be applied over a sliding

window of size N starting at k (i.e., from time k to k+N−1) such that the expected value Ezk+1:k+N |z1:k
h(xk+N |z1:k+N)

of the entropy h(xk+N |z1:k+N) of the state filtering pdf p(xk+N |z1:k+N) at final time k+N is minimum. �

This problem makes sense for two reasons. On the one hand, the entropy of a pdf is a convenient measure of
the information it conveys. On the other hand, as zk+1:k+N are not yet known at time k, the expectation of the
entropy of the state filtering pdf at the end of the receding horizon over these future measurements (conditioned
known measurements up to k) is considered. Basically, N = 1 corresponds to the greedy strategy.

2.4 Simplifying assumptions
Binaural signals to be sensed in the future are hardly predictable, and so is the pdf p(zk+1:k+N |z1:k) involved in
the criterion to be minimized at time k. This is why the following is assumed to hold.

Fundamental assumption. In Stages A and B of the three-stage framework to active binaural localization (Figure 2),
z stands for the measurement variable (channel-time-frequency decomposition) depicted above. However, in the
above fundamental problem defining Stage C, zk+1, . . . ,zk+N stand for “exploratory audio cues” instead. A variable
z is said to be an exploratory audio cue iff it is linked to the hidden state x by a known closed-form measurement
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model, the measurement noise of which is additive white zero-mean Gaussian (independent of all other noises) and
has a (co)variance unrelated to the hidden state value. In other words, the exploration (computation of ū∗N) is driven
by kind of virtual measurements

zk+i = l(xk+i)+ vk+i, i = 1, . . . ,N, vk+i ∼N (0,Rk+i) with Rk+i independent of hidden xk+i, (2)

and v1:N white independent of x0, w0:k+N , etc. �

Other less fundamental assumptions are also in effect.
• The state filtering pdf p(xk|z1:k) is reduced to a single Gaussian, so that p(xk|z1:k)≈N (xk; x̂k|k,Pk|k).
• Farfield exploratory audio cues are considered, i.e., l(xk+i) = l̄(θk+i), with l̄(.) given analytically.
• Those cues are assumed scalar, i.e., zk+i ∈ R, Rk+i ∈ R.

3 SKETCH OF THE MATHEMATICAL SOLUTION
As aforementioned, the one-step-ahead (or “greedy”) problem is equivalent to N = 1. As it will be shown to be
significantly easier than the general N-step-ahed problem (N > 1), it deserves a specific treatment. Recall that
the entropy h(N (x; x̄,P)) of the Gaussian pdf N (x; x̄,P) is an affine increasing function of det(P), so that, for
the purpose of its optimization it will be replaced (with a slight notation misuse) with det(P). The higher the
value of det(P), the higher the volume of the 99%-probability confidence ellipsoid of N (x; x̄,P).

3.1 One-step-ahead problem
In view of the Unscented Kalman filter (UKF) equations [10], when starting from p(xk|z1:k) ≈N (xk; x̂k|k,Pk|k)
the next state filtering pdf comes as p(xk+1|z1:k+1) ≈N (xk+1; x̂k+1|k+1,Pk+1|k+1), with Pk+1|k+1 independent of
zk+1. Hence, the expectation Ezk+1|z1:k

h(xk+1|z1:k+1) of the entropy h(xk+1|z1:k+1) of p(xk+1|z1:k+1) amounts to
h(xk+1|z1:k+1). Furthermore, if the dynamic noise covariance Qk is neglected, then the optimum control is [7, 5]

ū?1 = (T ∗yk,T
∗

zk,φ
∗
k ) = argmin

ū1=uk=(Tyk,Tzk,φk)

((Tyk,Tzk),φk)∈(T ×R)N

J1(ū1), with J1(ū1) = h(xk+1|z1:k+1) = K′1−h(zk+1|z1:k)︸ ︷︷ ︸
=:F1(ū1)

and K′1 independent of ū1,

(3)

where
• T and R term the admissible translation and rotation domains (henceforth, respectively, a disk centered

on 0 of given radius for the 2D translation and a 1D line segment centered on 0 for the rotation);
• h(zk+1|z1:k) stands for the entropy of the next measurement prediction pdf p(zk+1|z1:k); it depends on

ū1 = uk = (Tyk,Tzk,φk) and is thus denoted by F1(ū1).
If the Gaussian approximation p(zk+1|z1:k)≈N (zk+1; ẑk+1|k,Sk+1|k) produced by the UKF is used for p(zk+1|z1:k),
then the information-based one-step-ahead optimum control simplifies as

ū?1 = (T ∗yk,T
∗

zk,φ
∗
k ) = arg max

((Tyk,Tzk),φk)∈T ×R
F1(Tyk,Tzk,φk), with F1(Tyk,Tzk,φk) = h(zk+1|z1:k)≈ logdet(Sk+1|k). (4)

Therein, the criterion F1(ū1) comes as a combination of the image, through the function l(.) entailed in the
exploratory audio cues model (2), of sigma-points of the next state filtering pdf p(xk+1|z1:k). These sigma-
points are themselves functions of the decision variable ū1. Hence, though the genuine F1(ū1) has no closed
form, it can easily be approximated. So can its gradient, through Taylor expansion. Consequently, (3)-(4) can
be solved by means of the projected gradient algorithm.
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3.2 N-step-ahead problem
The corresponding information-based optimum control input sequence is given by [6, 5].

ū?N = u∗k : u∗k+N−1 = arg min
ūN=uk:uk+N−1

ūN∈(T ×R)N

JN(ūN), with JN(ūN) = K′N−h(zk+1|z1:k)︸ ︷︷ ︸
=:F1(ū1)

−
N

∑
i=2

Ezk+1:k+i−1|z1:k

[
h(zk+i|z1:k+i−1)

]
︸ ︷︷ ︸
=:Fi(ūi,zk+1:k+i−1)

(5)

and K′N independent of ūN , where the entropy h(zk+i|z1:k+i−1) of the i-step-ahead measurement prediction pdf
p(zk+i|z1:k+i−1) depends on the sequence ūi of the i next control inputs to be determined and on the i−1 future
exploratory cues zk+1:k+i−1, so that it is denoted by Fi(ūi,zk+1:k+i−1). Its conditional expectation over these yet
unknown virtual measurements must be evaluated, what makes the N-step-ahead problem significantly harder.
A way out is to use the approximation [19]

∫
p(zk+1:k+i−1|z1:k)Fi(ūi,zk+1:k+i−1)dzk+1:k+i−1 ≈

2(i−1)

∑
j=0

w jFi(ūi,Z j,i(ūi−1)), (6)

where {Z j,i} are the 2(i− 1) + 1 sigma-points, deterministically drawn by the Unscented Transform (UT),
of the Gaussian approximation N (zk+1:k+i−1; ẑk+1:k+i−1|k,Sk+1:k+i−1|k) of the joint measurement prediction pdf
p(zk+1:k+i−1|z1:k), and {w j} are the corresponding UT weights. N (zk+1:k+i−1; ẑk+1:k+i−1|k,Sk+1:k+i−1|k) is readily
obtained by means of the UT and the exploratory audio cues model (2) on the basis of the Gaussian approxima-
tion N (xk+1:k+i−1; x̂k+1:k+i−1|k,Pk+1:k+i−1|k) of the joint state prediction pdf p(xk+1:k+i−1|z1:k).
N (xk+1:k+i−1; x̂k+1:k+i−1|k,Pk+1:k+i−1|k) itself can be obtained from N (xk; x̂k|k,Pk|k)≈ p(xk|z1:k) by repeated ap-
plication of the prior dynamics (1) and use of the UT. Hence, x̂k+1:k+i−1|k, Pk+1:k+i−1|k, ẑk+1:k+i−1|k, Sk+1:k+i−1|k
depend on the sequence of decisions variables ūi−1 = uk : uk+i−2. So do the sigma-points {Z j,i}, which are
denoted {Z j,i(ūi−1)}. In summary, the information-based N-step-ahead optimum control simplifies as

ū?N = u∗k : u∗k+N−1 = arg max
ūN∈(T ×R)N

F1(ū1)+
N

∑
i=2

2(i−1)

∑
j=0

w jFi(ūi,Z j,i(ūi−1)). (7)

In spite of the apparent simplicity of (7), it must be kept in mind that for each index i in {2, . . . ,N}, and for
each jth sigma-point Z j,i(ūi−1) associated to i, Fi(ūi,Z j,i(ūi−1)) is the value

[
Fi(ūi,zk+1:k+i−1)

]
zk+1:k+i−1=Z j,i(ūi−1)

of the entropy Fi(ūi,zk+1:k+i−1) = h(zk+i|z1:k+i−1) of p(zk+i|z1:k+i−1), when evaluated at the sequence of vir-
tual measurements zk+1:k+i−1 = Z j,i(ūi−1). For each sigma-point Z j,i, which implicitly depends on the sequence
ūi−1 of decision variables under optimization, a Gaussian approximation

[
p(zk+i|z1:k+i−1)

]
zk+1:k+i−1=Z j,i(ūi−1)

≈
N (zk+i; ẑ(k+i|k+i−1), j,S(k+i|k+i−1), j) can be produced by a UKF, leading to Fi(ūi,Z j,i(ūi−1))≈ logdet(S(k+i|k+i−1), j),
in the vein of (4). The obtained approximation of the genuine criterion of (5) is quite impossible to write by
hand. Nevertheless it can be programmed, and even if Taylor expansions are hardly conceivable, automatic
differentiation in the framework of dual numbers algebra [9] is still possible to get its gradient. This enables
again a solution by means of the projected gradient algorithm.

3.3 Qualitative insights
Commonsense characterization of one-step-ahead (greedy) control optimality can be established. Figure 3-(a)
displays the binaural head at time k with its attached frame, the genuine position of the source E (yellow), as
well as the 99%-probability confidence ellipse (grey) corresponding to p(xk|z1:k) ≈N (xk; x̂k|k,Pk|k). The set of
radial lines rigidly linked to the head and intersecting at its center are the loci of the head-to-source positions
which correspond to evenly-spaced values of the exploratory measurement at time k. These drawn on the picture
typically correspond to the Woodworth-Schlosberg approximation of ITDs: the locus z = 0 is supported by −→zRk;
it splits the 2D plane into two halves onto which z keeps the same sign and evolves monotonically; around −→zRk
is the auditory fovea, for which the sensitivity of z to the head-to-source position is maximum.
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Figure 3. Geometric interpretation of h(zk+1|z1:k) for various motions, when using ITD-like exploratory cues.

Let the motor command uk applied to the head between times k and k + 1 correspond to a clockwise ro-
tation, and consider the situation at k + 1 (Figure 3-(b)). The blue 99%-probability confidence ellipse cor-
responds to p(xk+1|z1:k) ≈ N (xk+1; x̂k+1|k,Pk+1|k). The green cone represents the 99%-probability confidence
set of the pdf p(xk+1|zk+1), i.e., the spatial uncertainty sector on the head-to-source position extracted from
a single hypothetical measurement zk+1. As the measurement noise (co)variance Rk+1 is constant, the denser
are the iso-z radial lines (which are still rigidly linked to the head) around zk+1, the smaller is the extent of
this confidence cone. The red 99%-probability confidence ellipse corresponds to the next state filtering pdf
p(xk+1|z1:k+1) ≈N (xk+1; x̂k+1|k+1,Pk+1|k+1) obtained by fusing the two last pdfs. As aforementioned, the en-
tropy of p(xk+1|z1:k+1) is all the smaller as the volume of this ellipse is low. Heuristically, the entropy of the
next measurement prediction pdf p(zk+1|z1:k) is all the bigger (resp. smaller) as the number of iso-z radial lines
intersected by the blue 99%-probability confidence ellipse of p(xk+1|z1:k) is high (resp. low).
By comparing Figures 3-(b)-(c)-(d), the following heuristical rules of thumb can drawn so that uk is optimum
when using approximate Woodworth-Schlosberg ITDs as exploratory audio cues (virtual measurements): while
keeping into its admissible set T ×R, uk must
• orient the auditory fovea, rather than the interaural axis, towards the confidence ellipsoid associated to the

initial belief p(xk|z1:k);
• drive the head center on the line supporting the minor axis, rather than the major axis, of this ellipsoid;
• make the head get closer to this ellipsoid;

so that after the head motion this ellipsoid intersects as many iso-z radial lines as possible.

4 RESULTS WITH DISTINCT BINAURAL CUES
An experimental setup comprising a KEMAR head-and-torso-simulator mounted on a nonholonomic mobile
platform and endowed with a motorized neck has been designed in such a way that its binaural head is om-
nidirectional. Simulations and live tests were conducted, which implement the Woodworth-Schlosberg approx-
imation of ITDs for a spherical head of same average radius. The simulations can be considered realistic,
as they rely on the binaural simulator developed in the framework of the EU FP7 Two!Ears project (http:
//docs.twoears.eu/en/latest/binsim/) which can faithfully emulates the sensed binaural signals. As
aforementioned, the Woodworth-Schlosberg ITDs iso-z loci looks like the radial lines sketched on Figure 3-(a).
Due to space reasons, only simulated results with such virtual measurements are presented.
Nevertheless, exact farfield ITDs and ILDs for a spherical binaural head have also been implemented in simula-
tion. To this aim, the developments onto Legendre polynomials of the farfield left and right HRTFs as well as
their derivatives have been carefully implemented so as to keep within predefined tolerances. The results with
farfield spherical ITDs look like these sketched below for their Woodworth-Schlosberg approximation. Farfield
ITDs constitute relevant exploratory cues in view of their limited sensitivity to the assumed source frequency
and because they constitute a convenient approximation of the genuine range-dependent ITDs for an impor-
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Figure 4. One-step-ahead optimum head motion with Woodworth-Schlosberg ITD exploratory cues (Case 2)

Figure 5. One-step-ahead optimum head motion with Woodworth-Schlosberg ITD exploratory cues

Figure 6. One- (left) vs Five- (right) step-ahead optimum head motion with Woodworth-Schlosberg ITD cues

tant set of head-to-source positions. However, controlling the head motion on the basis of virtual farfield ILD
mesurements can give rise to bad results if precautions are not taken. Unsurprisingly, iso-z loci of genuine
spherical ILDs strongly depend on the assumed source frequency. Moreover, their sensitivity to the source
range is such that for a broad interval of source azimuths outside the auditory fovea, they may strongly differ
from iso-z radial lines of their farfield limits. Last, farfield ILDs do not vary monotonically on each side of the
head, so that they may lead to quite surprising and unefficient motions in some circumstances.
Figures 4 and 5 display the one-step-ahead optimum head motion. It can be seen that the obtained behavior of
the head complies with the heuristic rules of thumb sketched in Section 3.3. Notice that Figure 4 corresponds
to an advantageous initial belief such that the further fusion with measurements is very efficient.
Figure 6 compares the greedy strategy with the 5-step optimum head motion. It can be seen that the second
policy leads to a more “cautious” behavior of the head, in that it tends to first rotate and then follow a straight
path. The greedy policy can be transiently better in terms of performance (information criterion), but is less
efficient in the long term.

5 CONCLUSION AND PROSPECTS
The information-based feedback for binaural localization outlined in this paper aims at minimizing the expected
entropy of the head-to-source belief at the end of a receding N-element horizon. A tractable approximate solu-
tion is obtained through the unscented transform, automatic differentiation, and the projected gradient algorithm.
With no specific code optimization, it can run in real time on the binaural mobile robot for small N’s. It
has been extended to a multi-objective problem similar to [18]. Prospects consist in the incorporation of this
stochastic and optimization method with machine learning in order to consider multiple sources in unanechoic/-
dynamic environments.
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Abstract
The human auditory system uses binaural cues to localize sound sources. Sounds originating from off-midline direc-
tions are received with an interaural time difference (ITD) and an interaural level difference (ILD). Previous models
simulating psychoacoustic results extracted ITDs using a cross-correlation approach that resembles so-called delay
lines. However, mammals, including humans, are likely to extract ITD information without delay lines. Published
physiological data have shown that lateral superior olive (LSO) cells are sensitive to envelope ITDs of sinusoidally
amplitude-modulated (SAM) tones. Here, we propose a physiologically plausible model, by combining the well-
established auditory periphery model by Bruce et al. (Hearing Research 2018) with a coincidence counting model of
the LSO (Ashida et al. PLOS Comp. Biol. 12, e1004997, 2016). The latter integrates ipsilateral excitatory signals
together with negatively weighted inhibitory signals from the contralateral ear using millisecond short coincidence
windows. This version of the model uses very few free parameters to quantitatively account for a wide range of psy-
choacoustic data. It is demonstrated that the same binaural model neurons account for both ILD-based and ITD-based
lateralization as well as their combinations.
Keywords: Binaural, Modelling
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ABSTRACT 
The perceptual association of a sound with a source surrounding the listener is natural but requires complex 
signal processing to be achieved in virtual or augmented realities presented via headphones. Little is known 
about the set of spatial features required to elicit an externalized auditory percept, even under anechoic 
conditions. We investigated the diversity and relevance of different features by conducting a model-based 
meta-analysis of psychoacoustic studies. As potential features we considered monaural and interaural 
spectral shapes, spectral and temporal fluctuations of interaural intensity differences, interaural coherence, 
and broadband inconsistencies (trading) between interaural time and intensity differences in a framework of 
template-based auditory models. Our model predictions indicate that the monaural spectral shapes and the 
strength of time-intensity trading present potent cues to explain most previous results. 
  
Keywords: Head-related transfer functions, Virtual auditory reality, Computational modeling 
 

1. INTRODUCTION 
Virtual reality systems aim to immerse a listener into a well-externalized three-dimensional auditory 
space. This requires a perceptually accurate simulation of the listener’s natural acoustic exposure. 
Particularly challenging is to appropriately represent high-frequency spectral cues induced by the 
pinnae because their morphology is very specific to the listener. To simplify this task, we aimed at 
developing a phenomenological computational model for sound externalization with a particular 
focus on spectral cues. The model was designed to predict a listener’s degree of externalization 
based on binaural input signals and the listener’s individual head-related transfer functions (HRTFs) 
under static, anechoic listening conditions. 

Previous psychoacoustic experiments assessed sound externalization by subjective distance 
comparisons (1–7) and/or the discriminability between real and virtual sound sources (5,8). These 
studies showed that the externalization of anechoic sounds is not affected by broadband 
approximations of interaural phase differences (5) but may slightly degrade if interaural time delays 
(ITDs) and interaural level differences (ILDs) are inconsistent (7). The auditory cortex contains an 
integrated code of sound laterality, but also retains independent information about ITD and ILD cues. 
This cue-related information might be used to assess how consistent the cues are, and thus, how 
likely they would have arisen from the same source (9).  

While reverberation is essential to accurately estimate the distance of a sound source(10), 
reverberation alone is not sufficient to externalize a sound (2,6). In order to be externalized, sounds 
need to provide spectral cues in the direct path (1,6). Spectral cues are most effective in the high 
frequency range of pinna cues (2) but saliency of spectral cues is also important if sounds do not 
contain energy at those high frequencies (2,6).  
 Past studies on spectral cues of spatial hearing mainly focused on sound localization in 
sagittal planes. Several localization studies suggest that the auditory system processes spectral cues 
within monaural pathways (reviewed in 11). Animal studies (12) and model simulations (11) provide 
further evidence that this process might focus on analyzing positive gradients in the stimulus 
spectrum, but clear human psychoacoustic evidence is still missing and the transferability of 
findings from directional localization to sound externalization needs to be clarified. 

A recent attempt to model the effect of spectral cue saliency on sound externalization 
compared interaural spectral level differences between the stimulus and internal reference templates 
(6). However, interaural spectral comparisons are in contradiction to the current understanding of 
the monaural processing of spectral localization cues and to previous experimental results showing 
that spectral manipulations degrade externalization also if interaural differences are preserved (5). 
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By conducting a model-based meta-analysis, this study aims to clarify the auditory 
mechanisms of spectral cue processing for auditory externalization and, in particular, the perceptual 
weighting of spectral cues in comparison to other spatial auditory cues. 

2. METHODS 
2.1 Model 
The model architecture generally follows a template-matching procedure applied to a set of different 
cues (Figure 1). The model evaluates positive gradients in the spectral shape of magnitude profiles 
(MSG; c.f., 13), the spectral shape of ILDs (ISS; c.f., 6), the spectral standard deviation of ILDs 
(ISSD; c.f., 14), the inconsistency between ITD and ILD (ITIT), and the interaural coherence (IC) as 
summarized in Table 1. As a control cue, we also evaluated the difference in overall sound pressure 
level between target and template stimuli considering that loudness differences between the 
consecutively presented stimuli may have affected the perceptual ratings.  
 

Table 1 – Externalization cues evaluated within the model 
Cue Description 

MSG Monaural spectral gradients (c.f., 11,13) 
ISS Interaural spectral shape (c.f., 6) 

ISSD Interaural spectral standard deviation (c.f., 14) 
IC Interaural coherence (c.f., 15) 

ITIT Interaural time-intensity trading (ITD vs. ILD) 
SPL Overall level difference between target and reference stimulus 

 
 

 
 

Figure 1 – Investigated structures of externalization models based on monaural (top) and/or interaural 
(bottom) cue template comparisons 

 
ITDs were derived from binaural signals low-pass filtered at 3 kHz by extracting the time lag that 
yields maximum IC of the temporal energy envelope (“MaxIACCe lp” in 16). Overall level 
differences denoted the difference in dB RMS levels between the target and reference stimuli, 
thresholded by a just-noticeable difference (JND) of 1 dB and averaged across ears. 
 All other cues were evaluated after filtering the target and template signals through a bank of 
fourth-order Gammatone filters with a regular spacing of one equivalent rectangular bandwidth. We 
computed the logarithm of the root-mean-square (RMS) energy within every frequency band to 
obtain spectral excitation profiles (c.f., 13). Audibility thresholds for band-limited signals were 
approximated by generally considering stimulus sound pressure levels of 70 dB and a within-band 
threshold of 20 dB. To allow the evaluation of temporal fluctuations, the profiles were evaluated in 
non-overlapping blocks of 5 ms, which has been considered as the integration time for spectral cues 
(17,18). Assuming stationary input signals, the spectral profiles were averaged over time.  
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The IC metric was denoted as the IC difference between target and reference: 

𝑑"# = 𝐼𝐶' − 𝐼𝐶)  with 𝐼𝐶 = 𝑙𝑖𝑚 𝑖𝑛𝑓
/

∫12(45/)17(4)84
9∫12(4):17(4):84

 and 𝜏 ∈ [−1,1] ms. (1) 

For the ISSD metric, the model evaluated standard deviations of ILDs across frequency bands, 
computed the absolute difference of these deviations between the target and template, relative to the 
template deviation: 

𝑑"AAB = 1 −
ABCD"EBF(G)H
ABCD"EB7(G)H

. (2) 

For the ISS metric, absolute differences between the target and template ILDs were evaluated, 
then differences smaller than 1 dB, considering JNDs of ILDs to exceed this range (Mills, 1960), 
were set to zero and remaining differences were normalized by the template ILDs and finally 
averaged across frequency bands:  

𝑑"AA =
I
JC
∑ L"EBF(G)5"EB7(G)

"EB7(G)
LG . (3) 

The ITIT was denoted as the difference magnitude between target-to-template ratios of ITD 
and ILD (averaged across frequency bands): 

𝑑"'"' = LM"'BF
"'B7

− M"EBF
"EB7

L, (4) 

with 𝛥𝐼𝑇𝐷' = 𝐼𝑇𝐷' − 𝐼𝑇𝐷)  of 0 if smaller than 20 µs, 𝛥𝐼𝐿𝐷' = 𝐼𝐿𝐷' − 𝐼𝐿𝐷) of 0 if smaller than 
1 dB. 
 For the MSG, positive spectral gradient profiles were obtained by differentiating the 
excitation profiles (𝑝(𝑓) → 𝑝’(𝑓)) and softly restricting the value range by an elevated arctangent as 
proposed in (13):  

𝑀𝑆𝐺 = 𝑎𝑟𝑐𝑡𝑎𝑛 \𝑝′(𝑓) − ^
_
` + ^

_
. (5) 

These gradient profiles were then compared between the target and template separately for each ear 
by applying the same procedure as for the ISS metric, that is, calculating absolute target-to-template 
differences, normalizing differences larger than 1 dB by the template gradients, and finally 
averaging those differences across frequencies. The MSG distance metrics for the two ears were 
then combined according to the binaural weighting function defined in (11), effectively increasing 
the perceptual weight of the ipsilateral ear with increasing lateral eccentricity:  

𝑑bAc =
8def,g58def,h
Iijkl m⁄ + 1, (6) 

with 𝜙 ∈ [−90°, 90°] denoting the lateral angle (left is positive) and 𝛷 = 13°. 
Similarly for all metrics, an exponentially decaying mapping function with the exponent 

reciprocally scaled by the sensitivity parameter 𝑆uvj was used to map cue-specific deviations 𝑑uvj 
from the template to externalization scores 𝐸uvj. 

2.2 Assessment 
Prediction errors are defined as the RMS of differences between actual and predicted externalization 
score ratings normalized by the range of the rating scale used in the individual study. Optimal cue-
specific sensitivity parameters are obtained by minimizing the prediction error individually for each 
study. The model’s performance is assessed for various conditions collected from a representative 
set of experiments (1,2,5,6). 

3. Results 
3.1 Effects of low-frequency alterations 
Hartmann and Wittenberg (5) synthesized the vowel /a/ with a tone complex consisting of 38 
harmonics of the fundamental frequency of 125 Hz, yielding a sound bandlimited up to 4750 Hz. 
This sound was presented via headphones and filtered with individualized HRTFs. In one 
experiment, the magnitudes of all harmonics up to a certain harmonic n’ were set to the interaural 
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average, effectively removing ILDs up to that harmonic’s frequency. In the other experiment, the 
ipsilateral magnitude spectrum was flattened up to n’ while the contralateral magnitudes were 
shifted in parallel, effectively maintaining the original ILDs but changing the monaural spectral 
profiles. In both experiments, the listeners were asked to rate the degree of auditory externalization 
on a continuous metric scale with minimum values referring to inside-the-head localization and 
maximum values referring to localization at the actual loudspeaker position. 

 
Figure 2 – Model simulations to predict the effect of low-frequency alterations up to a certain harmonic of a 

complex tone with a fundamental frequency of 125 Hz. Actual data from Figures 7 and 8 from (5) 
 

The results in Figure 2 (left) show that externalization degradation induced by ILDs successively 
set to zero were well predicted by the ISS, ITIT, and SPL cues. The more harmonics at which ILDs 
have been removed, the more the target ISS is flattened and deviates from the template ISS, the 
smaller is the average ILD in comparison to the constant ITD, and the higher is the SPL. The ISSD 
cue leads to non-monotonic predictions that strongly depend on the center frequencies of peaks in 
the spectral shape of the template ILDs. IC differences are very small and thus noisy. The MSG cue 
is rather insensitive to the changes in ILDs because at low frequencies the complex acoustic filtering 
of the pinnae is negligible and thus monaural spectral shapes are quite similar at both ears and only 
marginally affected by interaural averaging. 

The degradation induced by flattening the ipsilateral spectrum while maintaining the original 
ILDs (Figure 2, right) was well predicted by the MSG cue only. Predictions based on interaural cues 
perform poorly because the experimental condition is designed to not affect these cues. 
Overall, the MSG cue yields the smallest prediction errors across both experiments, whereby there is 
a marked difference in predictive power between the two different experimental manipulations. The 
interaction term comprising MSG and ITIT performs best overall. 
3.2 Effects of spectral smoothing 
Hassager et al. (6) presented Gaussian white noise bandlimited from 50 to 6000 Hz. These sounds 
were filtered with individualized BRIRs (RT60 between 300 and 600 ms) in order to simulate sound 
sources positioned at azimuths of 0° and 50°. As independent experimental variable, Gammatone 
filters with various equivalent rectangular bandwidths (ERBs) were used to spectrally smooth the 
direct path portion (until 3.8 ms) of the BRIRs. Filters with larger ERBs more strongly smoothed the 
shape of the magnitude spectrum. Similar to the previous study (5), listeners rated auditory 
externalization on a continuous scale.  

Model simulations were based on (anechoic) HRTFs because the original BRIRs were not 
accessible. This is not critical assuming that only the direct path is relevant if also only the direct 
path has been modified during the experiment. Despite the non-monotonicities of the ISSD cue and 
the minor changes in IC and SPL, most predictions follow the systematic trend of externalization 
degradation with increasing bandwidth factor (see Figure 3). Moreover, all these cues are consistent 
with the actual results in that they are insensitive to spectral smoothing below one ERB. Overall, the 
actual results are best predicted on the basis of the MSG cue. 
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Figure 3 – Model simulations to predict the effect of spectral smoothing on the externalization of 
sounds from various azimuths (0° and 50°). Actual data represent direct-sound condition from (6) 

 
Baumgartner et al. (1) also tested 15 normal-hearing listeners on the effect of spectral 

smoothing but focusing on the high-frequency range between 1 to 16 kHz where the pinna induces 
the most significant directional spectral variations. In contrast to the other studies, listeners judged 
auditory externalization not absolutely but relatively within paired comparisons. Absolute 
externalization scores were then estimated from the paired judgements via probabilistic model 
fitting (19). Only scale estimates yielding fitting statistics within a heuristic range of 0.001 < 𝜒_ <
10were considered trustworthy and used for evaluation. Scale estimates for six out of twelve 
listeners fulfilled this requirement.  

Model predictions were based on listener-specific HRTFs and also assessed against listener-
specific results. As a consequence of large inter-individual differences the errors are comparably 
high, while the average predictions shown in Figure 4 are still similar to the actual results. The IC 
and SPL cues yield particularly poor results, whereas all other cues perform quite similarly across 
the limited set of experimental conditions.  

 

 
 

Figure 4 – Model simulations to predict the effect of spectral smoothing on the externalization 
of sounds from various azimuths (±90° or 0°). Actual externalization scores estimated from paired-

comparison data from (1) 
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3.3 Effects of binaural microphone casing and stimulus bandwidth 
Boyd et al. (2) presented broadband speech samples and used individualized BRIRs to simulate a 
talker positioned at 30° azimuth. They compared externalization ratings for in-the-ear (ITE) and 
behind-the-ear (BTE) microphone casings as well as broadband (BB) and 6.5-kHz-low-pass (LP) 
filtered stimuli at various mixing ratios with stereophonic recordings providing only an ITD. The 
amount of reverberation remained constant across mixing ratios.  

For model simulations, original BRIRs were only available for 3 out of 7 (normal-hearing) 
listeners. As suggested by earlier modeling work (6), spectral-shape cues (MSG and ISS) were only 
evaluated for the direct path component of the BRIRs. Hence, for MSG and ISS, only the first 5 ms 
of the BRIRs were used, faded-out by a cosine taper of 1 ms ending at the 5 ms. The simulation 
results in Figure 5 show that all but the SPL and ITIT cues performed quite well. 
 

 
Figure 5 – Model simulations to predict the effects of microphone casing and stimulus bandwidth 
for various mixes between simulations based on individualized acoustics (100%) and ITDs only 

(0%). Actual data from (2) represents normal-hearing condition with one talker at 30° azimuth and 
reverberation. ITE: in-the-ear casing; BTE: behind-the-ear casing; BB: broadband stimulus; 

LP: low-pass filtered at 6.5 kHz 

4. DISCUSSION 
Model simulations were conducted for three studies using (anechoic) HRTFs and one study using 
(reverberant) BRIRs. In all anechoic conditions, predictions based on either MSGs or 
inconsistencies between ITD and ILD (ITITs) performed very well. With results for high-pass 
filtered stimuli excluded, the overall picture for anechoic conditions seems to suggest that listeners 
base their externalization ratings on the one of the two cues that indicates largest deviations from 
the reference sound. Under reverberant conditions, all interaural cues (ISS, ISSD, IC, ITIT) yielded 
similarly small prediction errors, slightly favoring also the ITIT cue. 

The sensitivity parameters used to scale the mapping function from cues to externalization 
scores were optimized separately for every cue and study. Separate optimization is reasoned by the 
limited quantitative comparability of subjective externalization ratings due to differently trained 
subjects, different contexts, different experimental procedures especially with respect to presenting 
reference stimuli, and many other methodological differences. Nevertheless, the optimization 
procedure yielded similar sensitivity parameters for the favorite cues (MSG and ITIT) across studies, 
which underlines the generalizability of our results. 
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In all simulations template comparisons were only performed for the target direction, ignoring 
that there could be a strong match to a template from another direction yielding strong 
externalization. We did that because of two reasons. First, except for one study (1), listeners in all 
the other experimental paradigms were asked to rate externalization against a fixed reference 
stimulus. Hence, we assumed these ratings to be biased by the fixed reference location even though 
it is hard to estimate how much these ratings were affected by directional localization changes, for 
instance, within sagittal planes because of spectral cue changes. Second, listener-specific BRIRs for 
source directions all around the listeners were not available. 

5. CONCLUSIONS 
The present investigations suggest that monaural spectral-shape cues are important for sound 
externalization especially under anechoic listening conditions. However, the actual nature and 
processing of these cues is still poorly understood. The MSG cue implemented here has only been 
motivated by physiological findings in cats and psychoacoustic model simulations in the context of 
sagittal-plane sound localization. Future experiments could be targeted to clearly dissociated the 
relevance of positive vs. negative spectral gradients. Moreover, investigating this dissociation in 
combination with a systematic variation of the amount of reverberation would allow to evaluate the 
transition in perceptual relevance from MSG and ITIT under anechoic conditions to a potentially 
broader set of cues under reverberant conditions. 
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Abstract
When people perceive auditory information in noisy environments, auditory spatial attention plays a major
role in extracting target information from multiple sound sources. For auditory spatial attention, the effects of
distance have been unclear. In this study, we examined the relationship between auditory spatial attention and
the distance to the target speech sound. In an experiment, background multi-talker noise was presented 1 m from
the listeners. The target sound or distracting speech sound was presented at one of four distances: 0.13, 0.25, 0.5,
or 1 m. By manipulating the probability of the target presentation distance, the listener’s attention was implicitly
focused at a specific distance. Listeners were asked to respond as soon as the target speech sound was perceived.
Experimental results clearly revealed that the listeners showed faster responses to the target speech sound at the
focused distance than at other distances. Moreover, the shape of spatial selectivity of auditory spatial attention
varied based on the focus distance. These results are expected to reflect the effect of peripersonal space.
Keywords: Auditory spatial attention, Distance perception, Head-related transfer functions

1 INTRODUCTION
We can extract a target sound from various mixed sounds even when we are in noisy environments. This
remarkable ability is called the “cocktail-party effect [1, 2].” Many researchers have investigated the factors that
contribute to the extraction of a target sound. One of the major mechanisms is known as auditory selective
attention. Recent studies have reported that auditory selective attention in the spatial domain (“auditory spatial
attention”) plays a critical role in this phenomenon under complex noisy conditions [3, 4]
Results from many studies have highlighted the benefits of auditory spatial attention such as the directional sep-
aration of sound sources and enhancement of sound intelligibility for a particular direction (e.g. [4, 5]). However,
how the distance separation contributes to auditory selective attention remains unclear. When the distance be-
tween listeners and a sound source is more than approximately 1 m, nearly all physical parameters of the sound
except the intensity do not change. This means that people hardly judge the sound source distance that is
more than approximately 1 m from them. By contrast, for sounds within a space of less than 1 m, people can
judge the distance accurately using various physical parameters [6, 7, 8, 9]. In addition, the space within the
1 m distance corresponds to the peripersonal space (PPS), within which various sensory processes change [10].
Therefore, the contributions of auditory spatial attention vary based on the function of distance. Indeed, by
working with virtual sound sources presented from within a 1 m distance, Shinn-Cunningham et al. [11] and
Brungart & Simpson [12] reported the benefits of the distance separation of sound sources on the speech recep-
tion threshold and the importance of interaural differences in these benefits. This suggests the effects of spatial
unmasking for source separation along near distances within PPS.
In this study, we investigated the relationship between auditory spatial attention and the distance to the target
speech sound. To generate proximal distance sound virtually, head-related transfer functions (HRTF) for various
distances were synthesized using distance-varying filters (DVF) [13]. Under the condition when listeners focus
on the sound source from a specific distance, the reaction time of the target sound was measured to analyze the
effects of auditory spatial attention.

2177



2 METHOD
2.1 Listeners
In the experiment, seven young males (aged 23–24 years, mean age 23.7) with normal hearing participated. All
were recruited from the Graduate School of Information Sciences, Tohoku University. Informed consent was
obtained from each listener before the experiment. The procedure was approved by the Ethics Committee of
the Research Institute of Electrical Communication of Tohoku University.

2.2 Apparatus
The experiment was conducted in a sound-proof room. The sound stimuli were presented through headphones
(Sennheiser HDA-200) binaurally. The transfer functions of the headphones were compensated by convolving a
2048-point inverse filter calculated from the headphones’ impulse responses.

2.3 Stimuli
All stimuli were virtually spatialized by convolving listeners’ near-distance HRTFs. These HRTFs were synthe-
sized by applying distance-varying filters (DVF) [13] to the individual HRTFs measured at 1.5 m with 5◦ angular
resolution. Here, a 512-point DVF was applied to listeners’ HRTFs. From the results of the calculation, HRTFs
at two directions (front (0◦) and left (−90◦)), and four distances chosen on a logarithmic scale (0.13 m, 0.25 m,
0.50 m, and 1.00 m) were generated.
The target sound was a 4-mora word chosen from a familiarity-controlled word list (FW07) [14]. As the back-
ground sound, six streams of meaningless word sequences were overlapped. In each stream, words were ran-
domly selected from FW03 [15] and sequentially connected. The total length of the background sound was more
than 3 min.

2.4 Experimental procedure
Experiment was conducted under the following two conditions: no-focus and focus. In both conditions, the
distance from which the target sound was presented was selected as 0.13 m, 0.25 m, 0.50 m, and 1.00 m, whereas
the distance to the background sound was fixed at 1.00 m. The intensity cue for both sounds for the distances
was eliminated. Both the target and background sounds were always presented from the same direction: 0◦ or
−90◦. Between the duration of the two target-sound presentation, one, two, three, or no distracter sounds were
presented from one of the four distances. Inter-stimulus interval of the two consecutive sounds was randomly
determined at a range of between 750 ms and 1250 ms.
In the no-focus condition, no prior knowledge of the distance from the target sound was provided to the listen-
ers. Moreover, the target sound was presented with equal probability from each distance. The presentation of
the target sound from each distance was repeated 12 times. Thus, the total number of target sound presenta-
tions was 48: 12 presentations × 4 distances (0.13 m, 0.25 m, 0.50 m, and 1.00 m) × 2 directions (0◦ and −90◦).
These two directions were used in separate sessions.
In the focus condition, the listener’s auditory attention was implicitly directed to a particular distance using the
probe-signal method [16]. As the focus distance, 0.13 m and 1.00 m were selected. These focus distances and
directions were used in separate sessions. In each session, 80% of the target sound distance was set at the focus
distance, whereas 20% of the distance was selected from three other distances with equal probability (6.66%).
In the condition, the target sound was presented 144 times from the focus distance and 12 times from the three
other distances based on the probe-signal method. Thus, the total number of target sound presentations was
720: (144 presentations from focus distance + 12 presentations × 3 distances) × 2 focus distances (0.13 m and
1.00 m) × 2 directions (0◦ and −90◦). These distances and directions were selected for separate sessions.
Listeners were instructed to press a response button as soon as they heard the target word.
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Figure 1. Mean RTs on all azimuths and listeners for conditions with and without focus on the target distance.

3 RESULTS AND DISCUSSION
The average reaction time (RT) for all individual listeners was calculated only for responses when listeners
answered correctly until the presentation of the next target or distractor sound. In the focus condition, the target
sound was presented from each focus distance 144 times, whereas it was presented only 12 times for the three
other distances. To compare average RTs calculated based on the same amount of data, the average RTs for the
focus distance were calculated using the last 12 correct responses.
The mean RTs calculated over all listeners are shown in Fig. 1 for the no-focus, focus 1 m, and focus 0.13 m
conditions. In the figure, the RTs of two directions are averaged. The error bar gives the standard error. When
the target sound was presented from the focus distance, the observed RT was decreased as compared with RT at
the same distance in the no-focus condition. By contrast, when the targets were presented from other distances,
RTs were longer than when the targets were presented from the focus distance. In the focus 0.13 m condition,
the difference between RT at the focus distance (0.13 m) and that at the same distance in the no-focus condition
was as much as approximately 20 ms. The increase in RT for targets presented from the farthest distance was
approximately 40 ms. For the focus 1 m condition, the decrease in RT was as much as 10 ms, whereas the
increase was approximately 60 ms.
A three-way analysis of variance (ANOVA) was performed on mean RT as factors of distances (four tar-
get distances), azimuths (−90◦ and 0◦), and conditions (no-focus, focus 1 m, and focus 0.13 m). The re-
sults revealed that the main effects of azimuths (F(1,6)=6.15, p<.05) and distances (F(3,18)=4.02, p<.05)
were statistically significant, whereas no conditions (F(2,12)= 0.10, p= .90). Interaction between conditions
and distances was statistically significant (F(6,36) = 5.0, p< .001), but was not between azimuths and con-
ditions (F(2,12) = 1.32, p= .31), azimuths and distances (F(3,18) = 0.46, p= .71), and three-way interaction
(F(6,36)=0.44, p= .85).
The simple main effect of conditions was statistically significant at both focus distances (1 m: F(2,48)=3.9, p<
.05, 0.13 m: F(2,48)=8.75, p<.001). The post-hoc test (Ryan’s method, p<.05) revealed that for these two
focus distances, the difference in RTs between in the focus 0.13 m condition and in the focus 1 m condition
was statistically significant. By contrast, the simple main effect of distances was statistically significant only
in the focus 0.13 m condition (F(3,54)=10.0, p<.001), whereas the effect was not statistically significant in
other conditions (focus 1 m condition: F(3,54)=2.2, p<.1; no-focus condition: F(3,54)=2.06, p= .12). The
results of multiple comparison (Ryan’s method, p<.05) revealed that for focus 0.13 m condition, the differences
between 1 m and 0.13 m, between 1 m and 0.25 m and between 0.5 m and 0.13 m were statistically significant
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Figure 2. Relative RT as a function of distance from a focus point.

(p<.01).
The results indicate that auditory spatial attention on a particular distance affected the RTs to the target sound.
When the listener’s attention was directed to a particular distance, the response to the sounds coming from
the directed distance was enhanced. By contrast, the response to sounds coming from a different distance
slowed. A similar tendency was observed in studies of auditory spatial attention on direction expressed by the
RTs [4, 5, 17, 18].
Figure 2 represents the effect of attention on RT as a function of distance from a focus point. As the target
source was presented farther away from the focus distance, the RT increased. However, the shape of the auditory
spatial attention for focus 1 m and 0.13 m appears different in Fig. 2. When the focus distance was 1 m, the
observed size of the attention was broader than that observed when the focus distance was 0.13 m. This may
mean that when listeners directed their attention to their peripersonal space, the sensitivity of the attention at
the focus point increased. When a sound was presented at the near-field in the peripersonal space, auditory
processes were enhanced. The results suggest that an enhancement of the resolution of the auditory spatial
attention might occur for sounds in the peripersonal space.

4 CONCLUSION
In this study, we investigated the relationship between auditory spatial attention and the distance to a target
speech sound. Because people can barely judge a sound source from a distance of more than approximately
1 m, the focus distance in this study was set within 1 m. This space corresponds to the peripersonal space and
various sensory processes were changed in the PPS. Therefore, the effect of the PPS on the auditory spatial
attention was also analyzed. Results from measuring RTs revealed that the sounds presented from the focus
distance were consistently responded to at a faster rate than those from non-focused distances. Moreover, the
shape of spatial selectivity of auditory spatial attention was different based on the focus distance. These results
might reflect the effects of peripersonal space.
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Abstract
In a series of reports, [1, 2, 3] presented behavioral data for long-duration pairs of noise stimuli presented
over headphones with equal but opposite interaural time differences (ITDs). One stimulus led the other by
1-5 ms. Results showed that listeners localized based primarily on the leading noise, even when the lagging
noise was as much as 6-8 dB greater in amplitude, thereby demonstrating the precedence effect. Modeling
in a recent report (under review) demonstrated how various forms of onset dominance in the extraction of
interaural time differences could help to account for these data. However, interaural level differences (ILDs)
created by the physical interference of the leading and lagging stimuli appears to have influenced the results
for different listeners to varying degrees. The way in which these ITDs and ILDs may be integrated across
frequencies and with each other will be explored in new modeling efforts.
Keywords: binaural localization, precedence effect, modeling

1 INTRODUCTION
In the built environment, reflective surfaces such as walls, floors and ceilings introduce early reflections with
conflicting spatial cues that might reasonably be expected to make auditory localization impossible. Instead,
humans routinely demonstrate a remarkable ability to localize sounds using the spatial cues presented by the
first-arriving wavefronts coming directly from the sound source. This ability is called the precedence effect
(PE). Study of the PE offers a relatively simple perceptual outcome to a remarkably complex auditory process
– the degree to which localization is dominated by the location of the sound source, called localization dom-
inance. This outcome facilitates the combined use of psychoacoustical testing and computational modeling to
gain insight into temporal aspects of auditory spatial processing. The PE is often studied over headphones by
presenting a simulated ‘direct sound’ (the lead) with one combination of ITD/ILD. Then, after a short delay
of approximately 1–10 ms, a copy of the lead (the lag) is presented with a different combination of ITD/ILD.
Listeners can then indicate their perceived lateral position of the sound stimulus using by manipulating the
ITD or ILD of another sound, the acoustic pointer, to match the lateral position of the sound stimulus.
One aspect of auditory localization that is still relatively poorly understood is how interaural differences of
time (ITDs) and level (ILDs) are combined for complex sound stimuli such as those that elicit the PE. In this
paper, we consider some strategies for modeling how ITD and ILD might be integrated using physiologically-
inspired computational modeling of behavioral PE data using click stimuli collected in our lab. The orga-
nizing approach of the present model is to ask what aspects of the stimulus cues would be most salient to
an auditory system that seeks to minimize uncertainty in its estimation of an unknown sound source. That
is, given the enormous amount of information streaming into the auditory system, what simple mechanisms
might help the brain reduce this information to what is essential to successful localization of a target sound?
The primary innovation of the model is a mechanism that selects only those time slices which have the
most salient cues. Saliency is determined by the relative height of the cross-correlation pattern in one time-
frequency bin as compared to others within recent time. By focusing on cues with a saliency above a certain
threshold, the information in the signal that is used for lateralization of the auditory event is greatly reduced.
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2 Model Structure
Figure 1 shows a schematic diagram of the basic precedence effect model structure in terms of putative pe-
ripheral and midbrain sites of auditory processing. The input to the model is the stimulus pressure waveforms
at the left and right ears. Central to the approach of this model is the assumption that stimulus binaural cues
in each critical band will contribute to the ultimate decision variable to a degree that is roughly proportional
to their spectral energy relative to the cues contained in other frequency bands. That is, the spectral regions
of the stimulus that have the most energy are likely to be the most salient, and therefore the binaural cues
contained in these regions are likely dominate the decision variable. For this reason, the binaural cross-
correlation is not normalized by its energy, so that binaural coherence AND the energy in that band serve
together to determine the relative saliency of the ITD estimation in that frequency band. Figure 2 shows
a schematic representation of the signal processing stages for ITD estimation. Detailed description of key
individual components follows.
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Figure 1. A schematic description of the precedence effect model. Acoustic input at the two ears is trans-
formed into a neural rate function by the AN model. Coincidence detection is performed at the MSO,
resulting in excitatory (ipsilateral) and inhibitory (ispsilateral and contralateral) projections to the IC, where
they are combined to produce a binaural display as a function of CF, interaural delay, and running time. For
ILDs, the acoustic signal is passed through a gammatone filterbank. Long- and short-term ILDs are com-
puted for each filter band in the modeled LSO. ITD and ILD estimates are combined across CFs to produce
respective ITD and ILD estimates. These are in turn combined to produce a prediction of the perceived
lateral extent of the stimulus in the form of a decision variable.

2.1 ITD Estimation
The AN model of Carney and colleagues simulates the adaptation occurs at the IHC-AN synapse. This
adaptation process operates in a very non-linear manner, where firing rate decreases over time in response
to a constant stimulus. The model of [4] includes integrated models of the spectral filtering of the middle
ear and a non-linear bandpass filter to model the basilar membrane . The bandwidths of the modeled filters
vary with amplitude fluctuations to include the compressive non-linearity in BM mechanisms in the output.
Inner hair cell transduction is modeled as a non-linear compressive function that saturates at high stimulus
intensities, resulting in decreased synchrony to the stimulus input. The output of the Carney model is the
instantaneous, time-varying probability of the occurrence of a spike in the modeled AN fiber at the center
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Figure 2. Schematic diagram of signal processing for ITD estimation. The running cross-correlation of the
AN model outputs is calculated using a 4 ms time window, advanced by 250 µs for each estimate. The result
is then multiplied by a variation of the p(τ) of [5] . Direct excitatory output is combined with cumulative,
delayed ipsilateral and contralateral inhibitory outputs. The resulting cross-correlation function is multiplied
by one of several frequency-weighting functions, q( f ), and then summed across CFs. The time slices with
a peak binaural coherence above the pre-set coherence threshold are selected. Their corresponding cross-
correlation functions are then weighted by their relative binaural coherence following a thresholded transfer
function. A weighted average is then calculated to produce an ITD estimate in the form of a pdf (the
combined cross-correlation function) or a single number estimate (the weighted average of the selected cross-
correlation peaks).

frequency of interest. The covariation of stimulus intensity and adaptation was one of the primary reasons
for the modeling decision not to normalize the cross-correlation function and to select those time-frequency
bins with the greatest energy-coherence.
Figure 3 (left panel) shows the effect of peripheral processing on the internal representation of ITD at the
level of MSO. What can be seen is that even though the leading and lagging clicks are of the same ampli-
tude and spectral content, the response to the lag is reduced compared to the lead. If the auditory system
is sensitive to the relative excitation at ITD-sensitive neurons, then it might be expected that perceived lat-
eral position will be dominated by the leading click, as is indeed the case for behavioral measures of this
stimulus.
The excitatory MSO output explains behavior for many PE conditions, but often fails when the intensity of
the lag exceeds that of the lead. This suggests that the PE may not be explained by peripheral processing
alone. While MSO has direct excitatory projections to IC, it also projects to the dorsal nucleus of the lateral
lemniscus (DNLL). The DNLL responds to excitation from MSO by sending inhibitory projections to both
ipsilateral and contralateral IC. A simplified interaction between excitation and inhibition at IC is described
as follows. At any time tn, at any internal delay τ , the ipsilateral IC receives direct excitation from ipsilateral
MSO and combined, cumulative inhibition from both ipsilateral and contralateral DNLL. At any time tn, at
any internal delay τ , the activities of both ipsilateral and contralateral DNLL are proportional to the ipsilateral
MSO excitation from time t0 through tn−1 weighted by a decaying α function.
The resulting excitatory IC binaural display, E ′ is E ′(tn,τ) = E(tn,τ)− I(tn,τ), where cumulative inhibition
I(tn,τ) is defined as I(tn,τ) = Iipsi(tn,τ)+ Icontra(tn,τ). The ipsilateral and contralateral components of inhibi-
tion are defined as Iipsi(tn,τ) = E(t0,τ)α(t0)+E(t1,τ)α(t1)...+E(tn−1,τ)α(tn−1), Icontra(tn,τ) = Iipsi(tn,−τ).
The delayed, long-lasting inhibition α , where τpeak is the time delay at which inhibition reaches its peak
strength, is modulated by an alpha function of the form
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Figure 3. Left panel: The running cross-correlation is shown, with internal delays indicated along the or-
dinate. The height of the combined cross-correlation is indicated by the shade of gray, with black as the
highest relative energy-coherence. Time slices with energy-coherence greater than the threshold value (0.7 in
this case) are highlighted in red. The center of each red line indicates the peak of the cross-correlation in
that time-slice, and the errorbars show the relative width of the function. Positive internal delays are corre-
lated with the lead side. Right panels: The same stimulus as the panel, but the lagging click is 8-dB greater
amplitude than the lead. On the left is the purely excitatory output of the modeled MSO cross-correlation
function. The ITD at the lag position dominates. On the right, the resulting internal display of ITDs at the
level of modeled IC, which includes the combined effects of excitation with ipsi- and contralateral inhibition
via the modeled DNLL.

α(t− t0) = αmax
t− t0
τpeak

× exp
[

1− t− t0
τpeak

]
, (1)

This mechanism is only an abstraction at the simplest level of what this inhibition would be at the phys-
iological level and no real effort was made to tune it. This was purposeful. The aim of including this
mechanism in the present model was to determine whether hair-cell adaptation in itself is enough to explain
precedence, especially when the intensity of the lag exceeded that of the lead. Listener responses to click
stimuli where lag intensity was increased still showed localization dominance and hair-cell adaptation did not
give this same result, suggesting that this further level of inhibition may be necessary.
The right two panels in Fig. 3 show an example of the inhibition generated by excitatory MSO output and the
effect it ultimately has on the internal representation of lateral position. At the level of the modeled MSO,
the effects of adaptation are not strong enough to favor the lead. Instead, the lag dominates the internal
representation of ITD. Introducing delayed, long-lasting inhibition at the level of IC reduces the excitation at
the ITD of the lagging click, so that the leading click is likely to dominate perceived lateral position, as was
most often the case in [1].

2.1.1 Non-Normalized Cross-Correlation – Energy-Coherence Weighting
The same experiment of [7] that established the spectral dominance hypothesis, showed that increasing the
relative level of a stimulus band increases the effect the ITD in that spectral region has on the overall
lateralization of a broadband stimulus. [8] weighted the combined ITD and ILD cues by the relative energy in
each time/frequency bin in the running analysis, so that cues contribute to the decision variable proportional
to the energy in their frequency region. Because the basic philosophy of the current model is that those
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cues that are most salient will dominate lateralization, it was decided to emulate the approach of [8]. This
was done by simply not energy normalizing the cross-correlation function. Therefore, the height of a given
cross-correlation peak in this model is the result not only of how similar the two signals are at that internal
delay, but also of the relative energy in that band. So that these values could be compared and used for
weighting of the ITD estimates across frequency and time, all cross-correlation functions were normalized by
the highest peak value across all frequency bands and all time slices.
ITDs were integrated across frequency based on the ‘spectral dominance’ region [7] between approximately
600-800 Hz as modeled by [6] (the q( f ) function) was used to weight ITDs across frequency. After the
q( f ) frequency weighting was applied to ITDs, all the cross-correlation functions were simply added across
frequency in each time slice to create a compound running cross-correlation. To determine which parts of
the integrated cross-correlation function would be most ‘salient’ to the determination of the ITD estimation,
an energy-coherence threshold was set, so that only the cross correlations from time slices that had a peak
value greater than the energy-coherence threshold were considered. The cross-correlation functions were
then weighted by their peak energy-coherence values, and a weighted average of the above-threshold cross-
correlation functions was calculated.

2.2 ILD Estimation
Figure 4 shows a schematic representation of the signal processing used to create a modeled internal represen-
tation of ILDs. To simulate the compressive function between ILD and perceived laterality over headphones
documented by [9], an error function was used, tuned so that the mean value of ILD (presented with an ITD
of 0) that elicited the same perceived lateral position as an ITD of 300µs (presented with 0 ILD) measured
across 16 listeners in [1] (5.2 dB) was mapped to 300µs in the model.

ILDremap =
2√
π

∫ ILD/19.1

0
e−t2

dt (2)

ILD processing

ILD es

Figure 4. Schematic diagram of signal processing for the estimation of ILDs. The stimulus is filtered to the
same CFs as for the AN model using a gammatone filterbank. For the long-term estimate, the decibel ratio of
the entire left and right stimulus powers is computed. For running estimation, the signal is segmented by an
8 ms time window that is advanced in 50-µs increments, and the decibel power ratio of left and right filter
outputs is computed. The resulting long- and short-term estimates are mapped to the same normalized units
of laterality used to report the psychophysical data using a compressive error function. A PDF is calculated
from the running ILD estimates.

MEDc f =
max(ELc f ,ERc f )

∑
N
c f=1 max(ELc f ,ERc f )

, (3)

Short-term ILDs were integrated over an 8-ms duration which was advanced in 250-µs increments (the same
as for ITDs). This integration window, twice as long as used for calculation of ITDs, was used to provide
a smoothed function of ILD across time. ILDs were then combined into a probability density function of
the short-term, running ILD calculations for each modeled auditory filter. This was in turn normalized to
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have an overall probability of 1. Thus, probability density functions (pdf) for the ITD calculation could be
combined and compared with ILD estimations not only in terms of their location, but also with regard to
their dispersion. An example of the resulting ILD pdfs can be seen in the left panel of Fig. 5.
It is not clear how ILDs are integrated across frequency by the auditory system. Results of [1] suggest that
weighting of ILDs across frequency may differ for different users and in response to different stimuli. For
this reason, ILDs were weighted based on the relative distribution of spectral energy in the stimulus. The
idea was to weight ILDs by the maximum spectral energy density (MED), in each band, relative to that of
the overall stimulus, where ELc f is the energy in the left channel at a specified center frequency. An example
of an ILD pdf, integrated across frequency weighted by MED, is shown in the right panel of Fig. 5 with the
purple pdf.
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Figure 5. left panel: A typical distribution of ILDs over stimulus at different center frequencies. This
stimulus was 1 ms ISI, lag level 0 dB. These distributions are then averaged to create a single distribution
according to one of the approaches explained in the text. The simple unweighted average is shown by the
thick black line in this figure. right panel: An example of the pdf internal representation of ITD (tan), ILD
(purple), and lateral position (red) estimates derived from the running estimations. The normalized internal
representation of laterality is indicated along the abscissa, with positive values to the lead side and negative
values to the lag side. The estimated probability of each lateral position is indicated by the ordinate. The
final, combined estimate of laterality predicts considerable variability in listener response as the distribution
is bimodal – such was the case in the behavioral data for this condition, measured in [1] and [3].

2.3 Combination of ITD and ILD Estimates to Form the Decision Variable
The running estimations of laterality (e.g., Fig. 3, are then transformed (in this case with no temporal weight-
ing) into pdf-based internal representations for ITD and ILD, shown in Figure 5 (right panel) for the 1-ms
lead/lag delay with equal level lead and lag (0 dB, the same stimulus condition as in Fig. 3). The final
decision variable, shown as a red-filled pdf in the right panel, is the result of the weighted linear addition of
the ITD and ILD pdfs, and is smoothed with an 8-point (corresponding to 80 µs) equally-weighted window.
This smoothing value was chosen based on the variability found in a behavioral reference condition (see [1]).
Tan indicates the ITD estimate, with the tan asterisk denoting the centroid of the ITD distribution. Purple
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indicates the distribution of ILDs over the stimulus duration, with the corresponding purple asterisk indicating
the centroid of the ILD distribution. The result of weighted linear addition of the ITD and ILD centroids
is indicated under the abscissa by the blue arrow. The pdf resulting from the combination of the ITD and
ILD pdfs is shown in red, with the centroid and weighted standard deviation indicated by the red arrow and
horizontal line under the abscissa. The distribution predicts considerable that there could be considerable
variability for this condition, which is what was reported in [3] for this condition.
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Figure 6. Model outputs for lead/lag pairs of 200-ms noise bursts with 20-ms cos2 onsets and 1-ms rect-
angular windowed clicks. Black lines are the mean and standard deviation of listener responses. Model
predictions based on the centroid and weighted standard deviation of the model outputs are plotted in red,
and referred to as ‘centroid estimates.’ Blue lines show the additive combination of modeled ITD and ILD
distributions, and are referred to as ‘combined pdf estimates.’ Cyan lines show the combination of the peak
ITD and long-term-averaged ILD, and are referred to as ‘single-value estimates.’

Figure 6 shows comparisons between the behavioral data reported in [1, 3] and model predictions. The
behavioral data are plotted in black with error bars showing the standard deviation of listener responses. The
centroid and weighted standard deviation of the overall combined model pdf (the red arrow and horizontal
error bar in the right panel of Fig. 5 ) is plotted in red. The additive combination of the centroids of the
ITD and ILD pdfs (the blue arrow in the right panel of Fig. 5 ) is plotted in blue.
The left two panels of Fig. 6 show behavioral data and model simulation results for a 200-ms duration
noise burst, 20-ms cos2 onset and offset control condition presented in [1, 3]. For presentations at 0-dB
lag level, the centroid and single-valued estimates both show the shape of the data very closely . However,
the centroid of the overall laterality pdf estimate (red) consistently under-estimates the perceived laterality
reported by listeners. Once lag level is increased to 8-dB greater than the lead, both model estimates fail to
predict localization dominance for the 1-ms ISI presentations. For greater ISIs, however, predictions based on
the centroid and combined pdf predict perceived laterality that is further towards the lead than indicated by
the listeners. The variability predicted by the Centroid and weighted standard deviation of the combined pdf
estimate of laterality (red error bars) is reasonably close to that reported by listeners in the behavioral data.
The right two panels of Fig. 6 show model predictions for the 1-ms rectangular click stimuli. For the most
part, the same observations comparing model predictions to the behavioral outcomes for the long-duration
noise burst stimuli can also be made for the click stimuli.
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3 Summary
This modeling made use of the auditory nerve model of [4] to include effects of peripheral processing on
the precedence effect. The hypothesis that the relative energy of both ILD and ITD cues, as well as the
binaural coherence of ITD cues (see also [10]) could affect the relative saliency of spatial cues and thus how
they are integrated across frequency and with each other was also explored. Finally, the idea of modeling
binaural difference cues and perceived laterality as probability density functions, instead of single-valued
estimates, was presented. Future efforts will consider how the variability of ITD and ILD estimates may
contribute to the temporal weighting of short-term estimates of each of these binaural parameters. In order
to better consider the implications and validity of these modeling approaches, it will be helpful to conduct
new behavioral experiments where listeners are able to indicate their perceived lateralization not only as a
single location, but as a range of locations (e.g., for sound images that are spatially broad or even separated
into two locations, for example when the echo threshold is surpassed).
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Abstract
Understanding spatial hearing leads to implement efficient and effective auralization rendering algorithms with
headphones. Two important aspects contribute to sound localization: (i) acoustic filtering of listener body,
and (ii) non-acoustic factors introduced by auditory periphery. Accordingly, head-related transfer functions
(HRTFs) describe users acoustics in terms of their spatial filtering. Binaural synthesis through generic HRTFs
(commonly a dummy head) is the most simple solution for an auralization framework. In this scenario, a
high variability in localization tasks between subjects yields to an unreliable rendering. Listener’s acoustic
and perceptual characterization require HRTF modeling and auditory models predictions in order to provide an
effective auralization on individual basis. Systemic comparisons of HRTF approximations and different user
profiles can help to predict listener’s performances. We consider a case study on both vertical and horizontal
localization with different HRTFs and two probabilistic auditory models. In our analysis, spatial audio rendering
with non-individual HRTFs has a special attention for its commercial relevance compared to unpractical and
questionable use of individual HRTFs.
Keywords: head-related transfer function, localization, auditory model, non-individual HRTF

1 INTRODUCTION
According to the spatial audio quality inventory (SAQI) [16], localization accuracy is a relevant auditory quality
for auralization in immersive virtual/augmented reality (VR/AR) or alternatively for Virtual Auditory Displays
(VADs) and it is usually quantified via time-consuming psychoacustic experiments with human subjects. This
paper deals with both elevation localization cues, i.e. perception of sound source position in the vertical spa-
tial dimension, which is mainly provided by monaural spectral features of the head-related Transfer Function
(HRTF, the Laplace transform of HRIR), and the complementary information provide by the binaural cues such
as interaural time difference (ITD) and interaural level difference (ILD) for localization in azimuth, i.e. the hor-
izontal dimension. Auditory attributes provided by HRTFs can be alternatively assessed through computational
auditory models able to simulate the human auditory system. If the auditory model is well calibrated to the
reality and properly validated, a perceptual metric can be developed to predict the perceptual performance of a
VAD. Therefore in this work we use two such models to define perceptual metrics that allows to automatically
assess the localization performance of non-individual HRTF sets. This is an attractive approach in that it allows
to use quantitative predictions (from auditory models) rather than qualitative responses from listening tests, in
order to identify relevant connections between listeners and HRTFs.
The main contributions of this paper are twofold. First, it promoted the approach based on systematic evaluation
of HRTFs through auditory models allowing a rapid prototyping of HRTF models [9] and HRTF selection pro-
cedures [11, 14]. Second, it supports the vision of having several perceptual metrics for localization perception
and spatial audio attributed that can be applied to the adaptive estimation of HRTF features and parameters for
several listening conditions and tasks.
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2 LOCALIZATION WITH HEAD-RELATED TRANSFER FUNCTIONS
The measurement of individual HRTFs usually requires special measuring apparatus and a time-consuming pro-
cedure with high uncertainty [5], leading to impractical solutions for real-world applications. Alternative meth-
ods for HRTF personalization are usually preferred, which look for a delicate trade-off between audio quality
and handiness of the personalization procedure [14].
The most common approach for spatial audio rendering in VR/AR contexts makes use of dummy-head HRTFs,
or a specific set of HRTFs for all listeners, without personalization. However, it is known that listening through
dummy ears causes noticeable distortion in localization cues [12]. During the last decade, the increase of
publicly available HRTF data has boosted research on novel approaches to the selection and modeling of non-
individual HRTFs. 1 According to [14], HRTF selection problems can be characterized in terms of three issues:
• metric domains: acoustics, anthropometry, and psychoacoustics;
• spatial ranges: a subspace around the listener for whom the personalization process results in significant

improvements for localization performances, e.g., horizontal or vertical plane only;
• methods: computational steps which allow to infer the most appropriate non-individual HRTF set for a

listener; pre-processing actions such as data unification, feature extraction , dataset reduction, and dimen-
sionality reduction can be performed prior the HRTF selection.

Several approaches can be applied and some examples are anthropometric database matching, linear regression
models between acoustical and anthropometric features, subjective selection, or minimization of HRTF differ-
ences in the acoustic domain. Once one or a set of best HRTF candidates are identified, listener can also
self-tune each HRTF set through spectral manipulations and enhancements, and weight adjustments (all these
methods were briefly reviewed here [14]). Finally, in a phase of adaptation to non-individual HRTFs users can
obtain multimodal feedback in localization/discrimination tasks and improve their performance [20].

3 HRTF ANALYSIS WITH PROBABILISTIC AUDITORY MODELS
With the increasing number of HRTF datasets publicly available worldwide, models of auditory perception are
crucial in automating HRTF analysis and selection processes, that might have a reasonable statistical power for
the entire human population. Relevant localization performances describing the perceptual dimensions affected
by HRTF set variations should be taken into account in order to identify the required level of individualization
of any system for auralization. In the following, we explain the idea beyond our methodology by means of two
popular probabilistic auditory models for sound localization, both publicly available in the Auditory Modelling
Toolbox 2.

3.1 Vertical localization: Baumgartner 2013
In this paper, we adopt the Baumgartner et al. [6], where spectral features of sound events filtered with different
HRTFs (target) correlate with the direction-of-arrival (DOA) of the HRTF template, leading to a spectro-to-
spatial mapping. This approach is further supported by a recent study of Van Opstal et al. [21] where the
authors estimated the listeners’ spectral-shape cues for elevation perception from the distribution of localization
responses.
The model is based on two different processing phases prior to the prediction of absolute elevation. During
peripheral processing, an internal representation of the incoming sound is created. The target sound is converted
into a DTF and filtered with a gammatone filterbank simulating the auditory processing of the inner ear. In the
second phase, for each target/template angle and frequency band based on equivalent rectangular bandwidth
(ERB), the algorithm computes the gain at the central frequency of each band and the target/template internal
representations. The inter-spectral difference (ISD) for each band is extracted from the differences in dB between
each target angle and all template angles; for each target angle, the spectral standard deviation (SSD) of the

1See, for instance, the official website of the Spatially Oriented Format for Acoustics (SOFA) project, http://sofaconventions.org
2http://amtoolbox.sourceforge.net/
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Figure 1. Localization predictions resulting from auditory model simulations on 45 CIPIC subjects in the median
plane. “All-against-all” matrices for (a) polar error (PE) [deg], (b) quadrant error rate (QE) [%], (c) global polar
error (GPE) [deg], and (d) front-back confusion rate (FB) [%].

ISD is computed across all template angles. The probability that a virtual listener points to a specific response
angle defines the similarity index (SI) which receives as input the template-dependent SSD for the argument of a
Gaussian distribution with zero mean and standard deviation called uncertainty, U . The lower the U , the higher
the sensitivity of the listener in discriminating different spectral profiles resulting in a measure of probability.
Simulation data are stored in probability mass vectors, where each response angle has the probability that the
virtual listener points at it.

3.2 Horizontal localization: May 2011
The auditory model implemented by May et al. in [19] relies on the features space composed by ITD and
ILD for the DOA estimation constrained to the frontal horizontal plane at zero elevation. The model adopts the
common used place theory developed by Jeffress [15] and it estimates the DOA relying on a machine learning
model. The auditory front-end consists of a gammatone filterbank followed by inner hair cell modelling. Each
channel of the binaural sound is decomposed with a 4th-order Gammatone filterbank of 32 elements. The
center frequencies of the filter-bank are equally distributed between 80 Hz and 5 kHz by means of ERBs.
Phase compensation for each channel was required to synchronize the binaural cues over the same time window.
Moreover, the gain of each filter is adjusted to follow to the middle-ear transfer function. Later on, an half-wave
rectification with square-root compression is used to simulate neural transduction. Binaural cues are calculated
using a 20 ms window, overlap of 10 ms, with a sampling frequency fs = 44.1 kHz. Each auditory channel
returns the ILD as the ratio of the energy integrated in the time window between left and right ears, and the
ITD is extracted for every frame as (τ +δ )/ fs where τ is the time lag which maximizes the normalized cross-
correlation and δ is the peak position relative to τ . To improve the ITD estimation an exponential integration
was applied around τ . Hence, for each window the feature space is represented in Equation 1 where index i
represents the gammatone filter and T the number of observations.

Xi = {xi,1, ...,xi,T}= {(itdi(1), ildi(1)), ...,(itdi(T ), ildi(T ))} (1)

Finally, azimuth estimation is achieved through a machine learning approach based on the gaussian mixture
model (GMM). For each gammatone filter a GMM was trained to derive the azimuth αi from the integration of
the features composed of ITD and ILD pairs computed for that specific channel. The training of each GMM was
perfomed by means of the iterative expectation-maximization (EM) algorithm by considering different source-
receiver directions on different positions into a simulated reverberated room.
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Figure 2. Speech-in-noise localization predictions resulting from auditory model simulations on 45 CIPIC sub-
jects in the horizontal plane with three different SNRs. “All-against-all” matrices for (a) horizontal error [deg],
and (b) front-back confusion rate [%]. White cells in the matrix (when present) denote values higher than the
full-scale.

4 SIMULATIONS
Simulations were initially run on the median plane only, where acoustic properties of the external ear provide
vertical localization cues [2] with minimum interference from other localization cues; simulations accounted
for the CIPIC database for whom individual HRTF measurements of 45 virtual subjects are available [1]: 2500
HRIRs each, given by the combination of 25 azimuths × 50 elevations × 2 ears, measured at sampling rate fs =
44.1 kHz (200 samples). Elevation φ is uniformly sampled on the range −45◦ to +230.625◦ in 5.625◦ steps.
For each virtual subject, we set an uncertainty value U = 2, which reasonably approximates the uncertainty of
a real listener in localization tasks [18].
For the second part of this work we extended the models to estimate the DOA for the full horizontal plane. The
training method was also based on the Gaussian Mixture Models but we adopted the Multi Conditional Training
proposed in the article of Ma et al. [17]. The training set consisted of synthetic binaural samples generated by
the anechoic MIT HRTF dataset limited to the horizontal plane with zero elevation [7] convolved with the
TIMIT speech corpus [8] and combined with diffuse noise at three Signal-to-Noise Ratios (SNRs) 0,10,20 dB.
The diffuse noise used the sum of 72 uncorrelated, white Gaussian noise sources, each one assigned to all
HRTF directions. A set of 20 sentences was randomly selected for each azimuth location. Finally, the anechoic
signal was corrupted with diffuse noise, and ITD/ILD were computed. For more details on this implementation,
please refer to [3].

5 RESULTS
Vertical localization metrics were defined by the simulations performed with Baumgartner’s model. All median
plane template angles for each HRTF set were considered in the computation of the following psychoacoustic
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performance metrics for vertical localization, according to [14]:
• local polar RMS error, PE: quantifies the average “local” localization error;
• quadrant error rate, QE: quantifies the localization confusion related to the rate of “non-local” responses,

i.e. where the absolute polar error exceeds ±90◦.
• global polar error, GPE: quantifies the absolute polar localization error, with front-back confusions “re-

solved”;
• front-back confusion rate, FB: quantifies the localization confusion by measuring the rate of frontal re-

sponses where the target position is on the back region and vice versa, excluding elevation angles above
the listener. A ±30◦ area is considered in this definition.

Horizontal localization metrics were defined by the simulations performed with May’s model. The global later-
alization error (GLE) was computed by averaging of the estimated errors among all available HRTF grid points
in the horizontal plane and the twenty speech samples. This aggregation required the absolute distance between
the real and the estimated DOA that was corrected in presence of the front-back confusion. Front-back con-
fusion in the horizontal plane (FBH) was considered within a tolerance of ±10◦ around αreal ∈ {−90◦,90◦},
while the correction was performed by mirroring estimations across the inter-aural axis. This last metric should
be considered in complement to FB.
The “All-against-all” matrices of each of the aforementioned metrics can be seen in Fig. 1 and Fig. 2. Pre-
dicted performances in the diagonal represent the simulated listening condition with individual HRTFs. It is
worthwhile to notice that, the 21st and 45th columns simulate localization performances with generic HRTFs,
in particular KEMAR with big and small pinnae, respectively. From a qualitative point of view, both models
support the well-grounded idea of the existence of several non-individual HRTF sets that provide better local-
ization performance on individual basis compared to KEMAR. Moreover, one can compute the “best available”
non-individual HRTF set by considering for i-th row of the matrix, i.e. for the i-th subject, the j-th column,
i.e. non-individual HRTF, providing the minimum error value (excluding the diagonal). Accordingly, the angular
error between individual and best available HRTFs further supports the idea that there exists a non-individual
HRTF set allowing localization close to individual HRTFs [14].

6 DISCUSSION AND CONCLUSIONS
It is worthwhile to notice that these results are strongly dependent on the choice of a specific auditory model
which serves as a ground truth in our research framework. From a methodological point of view, nothing
prevents to replicate our study employing different auditory models which might be able to better characterize
human spatial hearing [4]. A tight connection between real listening evaluation and auditory model calibration
is the key element for obtaining reliable and meaningful results.
Other perceptual attributes such as tonal quality discrepancy, externalization, immersion, to name but a few [22]
will be investigated in order to provide a complete set of metrics able to describe the listener in terms of
acoustic (i.e. HRTFs) and non-acoustic (i.e. perceptual and cognitive) factors. The “All-against-all” com-
parisons based on all available metrics and attributes lends themselves well to machine learning algorithms,
especially increasing the availability of (non-)acoustic data. In principle, the proposed methodology will allow
to quantitatively compare performances of any HRTF selection approach. More in general, a fast prototyping of
HRTF models and selection procedures might be easily tested against the optimal solutions resulted from that
specific set of metrics.
The proposed approach paves the way for a complete listener characterization beyond the acoustic phenomena,
with a special emphasis on the listener-to-contexts/scenarios/task relationship which is inherently a multi-modal
and multi-domain process (i.e., acoustics, psycho-physics. cognition, and emotion). The VR/AR technologies of
the future will be able to take advantage of such a detailed description, classifying task, contexts and listeners
while adjusting rendering complexity in real-time [10, 13, 12].
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Abstract
A model will be presented that allows predicting binaural speech intelligibility in noise for normal-hearing (NH)
and hearing-impaired (HI) listeners. The model inputs are the masker and target signals at the listener’s ears, as
well as their audiogram that is used to implement an internal noise (IN). The model computes per time frame and
frequency band a binaural masking level difference (BMLD) when all signal levels are higher than the IN level,
and the signal-to-noise ratio at the better ear (BE-SNR) using the maximum between the masker and IN levels.
The BMLD and BE-SNR are integrated across time and frequency and summed to obtain a binaural ratio.
The relative differences of the binaural ratios are compared to speech reception threshold (SRT) differences
measured in listening tests. The model was validated on one experiment involving NH and HI listeners. Stimuli
were anechoic and played using headphones. The target, in front of the listener, was presented simultaneously
with two noise-vocoded speech maskers either collocated with the target or separated at +/- 90◦. The noise was
presented at different sensation levels and the relative target level was adapted to derive SRTs. The experimental
data were accurately predicted by the model.
Keywords: Model, Speech Intelligibility, Binaural, Hearing Impairment

1 INTRODUCTION
Having two ears is helpful to improve target intelligibility in noisy environment. A perceptual mechanism
well-know as "Spatial Release from Masking" (SRM) quantifies our ability to benefit from binaural cues, the
interaural level differences (ILD) and interaural time differences (ITD) (e.g. [7]), to improve target intelligibility
when it is spatially separated from the masker. However, SRM is reduced for HI listeners [8].
In order to predict the influence of the noise on speech intelligibility, several models have been developed for
NH listeners [16, 5] and for HI listeners [4, 10]. The study will focus on the model developed by Lavandier et
al. [10], which allowed to predict binaural speech intelligibility in the presence of envelope modulated noises
for NH and HI listeners. However, they had to use two different model parameter values for each of the two
listener groups to obtain good predictions, effectively resulting actually in two different models. The current
study proposes a modification to the concept of the IN (i.e, the model component that describes the listener’s
hearing ability) allowing to predict data involving NH and HI listeners [14] with a single model.

2 MODEL DESCRIPTION
An updated version of the model developed by Lavandier et al. [10] is presented in this study which allows
predicting the effect of hearing impairment on binaural speech intelligibility for NH and HI listeners. In brief,
masker and target signals at the listener’s ears are taken as inputs for the model as well as the listener’s
audiogram in order to build an IN which is considered as another masker. Based on the incoming signals and
the IN, the binaural unmasking advantage and the BE-SNR are computed per time frame and frequency band,

∗Corresponding address: thibault.vicente@entpe.fr
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averaged across time and frequency, and added to obtain a binaural ratio. The differences between binaural
ratios are then compared to the differences between the SRTs measured in the listening test.
The target energy is averaged across time to avoid that a lack of energy leads to a low signal-to-noise ratio
(SNR) and thus, a poor intelligibility, even though it could correspond to a pause between two words, which
provides relevant information for the listener. The masker signal energy is taken into account as a function of
time to allow the model to predict the ability of a listener to understand speech in the dips of the masker’s
envelope. The long-term characteristics (i.e., spectra at each ear and interaural phase differences) of the target
are computed once, and then combined with those of the masker resulting from the time-frame analysis. Before
all signals are passed through a gammatone filterbank with two filters per equivalent rectangular bandwidth, the
masker signals are segmented using a 24-ms and also a 300-ms half-overlapping Hann window [15].
The IN is implemented based on the listener’s audiogram. The binaural unmasking advantages are computed by
applying the BMLD formula from [6] on the signals from the longer time window only if the masker and target
levels are above the IN level. On the other hand, the BE-SNR is computed choosing the higher SNR between
the left and right ear (with a ceiling SNR value of 20 dB to avoid that the SNR goes to infinity in the masker’s
dips) while considering the higher level between the IN and the masker signal using the shorter window. Then,
the model averages across time and frequency (using a SII weighting, [1]) the binaural unmasking advantages
and BE-SNRs and adds these values to obtain the binaural ratio.
In order to compare the target and masker signals and the listener’s IN, the signals are set at the actual levels
played during the experiment, in dB SPL. As for the design of the IN spectrum at each ear, three assumptions
are made, (1) the overall level of the external stimuli is approximated by the masker level, in other words it
is assumed that the broadband SNR is below 0 dB, (2) the hearing loss (HL) is split into X % of outer hair
cell loss (HLOHC) and 1-X % of inner hair cell loss (HLIHC) at each frequency and (3) the maximum allowed
for HLOHC is 57.6 dB [11], the loss above this value contributes to the HLIHC. The HLOHC and HLIHC are
interpolated at the model’s center frequencies between the lower and upper center frequency of the audiogram
and extrapolated otherwise, using a logarithmic frequency scale. The IN is then calculated using the following
formula:

InternalNoise(n,N) = audX (n)+10∗ log10(10
B
10 +10

N−Nlim+(1−X)HL(n)
10 ) (1)

where, n is the center frequency of the nth frequency band and N is the overall (external) masker level (aver-
aged across listerner’s ears). The term audX is defined by audX (n) = HL2SPL(n)+X ∗HL(n) = HL2SPL(n)+
HLOHC(n) in dB SPL, with HL2SPL the transformation to convert hearing loss from dB HL into dB SPL. This
transformation results from the sum of the reference equivalent sound pressure levels for the THD 39 head-
phones applied in measuring the subject’s audiograms [9] and nominal values for the transformation from 6 cc
coupler to ear drum levels [3]. The transformation is interpolated between 200 Hz and 6 300 Hz (the range
where values are available) and extrapolated otherwise to get the transformation values at the center frequencies
of the model. The term (1−X)HL(n) represents the HLIHC, in dB HL. The free parameters B, Nlim, X were
tested before being set at -10 dB, 83 dB and 70%, respectively (see section 4).
For the predictions of the data presented below, the target signal was created by averaging the waveforms of 128
sentences used during the listening test. All sentences were thereby truncated to the shortest sentence duration.
The duration of each masker signal was 2 minutes. All signals were convolved with the impulse response of
the (equalized) headphones used for data collection and measured on a 4128C Bruel&Kjaer head and torso
simulator. Then all signals were calibrated to the sound levels used in the experiment.

3 DATA
To validate the model, an experiment was used that specially investigated the effect of audibility on SRT [14].
Ten NH listeners (mean age of 23.2 +/- 3.2 years, hearing loss <15 dB HL) participated in the experiment
as well as ten sensorineural HI listeners (mean age of 70.3 +/- 7.8 years). They had a symmetric (threshold
difference between ears <10 dB) mild to moderate, sloping sensorineural hearing loss. Their four-frequency
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Figure 1. Mean SRTs with standard errors across the NH listeners (in grey symbols) and HI listeners (in black
symbols) measured and predicted for four overall masker sensation levels. The two maskers were two noise-
vocoded speech either placed at the same position as the target in front of the listener (colloc) or on each side
of the listener at +/- 90◦ (separ).

(0.5, 1, 2, 4 kHz) average hearing loss (4FAHL) was 29.1 +/- 8.0 dBHL. All participants were English native
speakers.
The SRTs were measured using BKB-like sentences [2] and an adaptative procedure. The target was simulated
in front of the listener. Two noise-vocoded speech maskers were simultaneously presented with the target either
collocated with it or symmetrically placed on each side of the listener at +/- 90◦. The frontal position was
simulated by convolving the anechoic stimuli with an head-related transfer function for frontal incidence aver-
aged across ears, resulting in diotic listening. The spatially separated configuration was simulated by presenting
the left masker only through the left headphone and the right masker through the right headphone. Target
and maskers signals were filtered, considering nine frequency regions, in order to equalize individual audibility
across listeners and they were played at four different sensation levels (0, 10, 20, 30 dB SL, reference: indi-
vidual SRT in quiet). However, some HI listeners could not be tested for some of the higher sensation levels
due to loudness discomfort. All stimuli were presented through the Sennheiser HD215 circumaural headphones
and were filtered in order to have the same long-term spectrum as the averaged spectrum of the 1280 sentences
from the corpus after applying the above diotic spatialization process.
Figure 1 shows measured SRTs plotted as a function of the masker level in dB SL. The grey and black circles
represent the measured SRTs for the NH and HI listeners, respectively. The collocated configuration (colloc)
is displayed as filled circles and as open circles for the separated configuration (separ). Increasing the overall
sensation level always led to lower SRTs (i.e., better intelligibility) as well as an increase in SRM as measured
by the difference in SRTs between the collocated and spatially separated conditions. No significant SRT differ-
ences between the two groups of listeners were found, suggesting that performance was similar across groups
when audibility was controlled carefully.

4 MODEL PREDICTIONS
The model predictions are plotted in figure 1 using solid and dashed lines corresponding to the spatially collo-
cated and separated conditions, respectively, either in grey for the NH listeners or in black for the HI listeners.
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First, in order to find the best combination of parameters in formula 1 (i.e. B, Nlim and X), three indices of
model performance were used: the Pearson’s correlation coefficient r between data and prediction, the mean
absolute error (MeanErr, computed as the average across conditions of the absolute difference between data
and prediction) and the maximum absolute error (MaxErr, computed as the maximum of the absolute difference
between data and predictions across all conditions). The free parameters B, Nlim and X were varied within
ranges [-16;-8] dB, [65;85] dB and [60;90]% [12], respectively in order to simultaneously minimize the two
types of error and maximize the correlation. The best predictions were obtained with the values of B, Nlim and
X equal to -10 dB, 83 dB and 70 %, respectively. Using these values, the model predicts well the data with a
correlation, mean absolute error and maximum absolute error equal to 0.98, 1 dB and 3.1 dB, respectively.

5 DISCUSSION
The revised model allowed to accurately predict the effect of audibility on speech intelligibility for NH and HI
listeners, using a single model. This is in contrast to the previous version of the model, developed by Lavandier
et al. [10], which required a different parameter value for the IN to predict the effect of audibility on speech
intelligibility for NH listeners as well as for HI listeners, which effectively resulted in two different models. The
new implementation of the IN depends on the external noise level and takes into account the different effects
of inner and outer hair cell loss on speech intelligibility. The resulting model provided intelligibility predictions
that were as accurate as the ones provided by the two previous models [10].
Considering these encouraging results, the revised model needs to be further validated using additional intelli-
gibility data. For instance, the data presented by [13] could be used to evaluate the performance of the model
to predict the difference in both SRT and SRM between stationary speech-shaped noise and (modulated) noise-
vocoded speech maskers for NH as well as HI listeners. Given that the stimuli that were used so far for
evaluating the proposed model did not involve realistic ITDs, future research will need to specifically evalu-
ate the model-internal processes that are related to ITDs. In particular, this should include an analysis of the
potential effect of reduced ITD sensitivity in HI listeners on binaural unmasking.
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Binaural processing in a new cochlear-implant paradigm 
inserting extra pulses with short inter-pulse intervals 
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ABSTRACT 
Cochlear-implant (CI) listeners face degraded selective hearing because they lack sensitivity to both 
interaural time difference (ITD) and pitch cues. One major reason is the replacement of the acoustic temporal 
fine structure by periodic high-rate pulse trains to avoid electric-field interactions. A second major reason is a 
perceptual limitation of CI listeners in the maximum pulse rate up to which ITD and pitch cues are salient. 
Recently, a new approach relying on inserting extra pulses with short inter-pulse intervals (SIPI pulses) into 
the high-rate carrier pulse trains has been shown to enhance ITD and pitch sensitivity while likely 
maintaining speech understanding. In this contribution, a concept for a new binaural CI stimulation paradigm 
which implements the SIPI approach is presented. In this paradigm, by applying binaural models of normal 
hearing, the ITD is extracted from a binaural audio signal. That ITD, combined with the envelope modulation 
information, defines the positioning of the SIPI pulses. This concept allows enhancing ITD cue precision 
through binaural processing by integrating reliable ITD information across frequencies or electrodes, 
respectively. In the contribution, various models and parameters are discussed. Further, strategies on how to 
avoid conflicts in the across-electrode timing of the SIPI pulses are outlined. 
 
Keywords: Binaural processing, cochlear implants, short inter-pulse intervals 

1. INTRODUCTION 
Selective hearing refers to the remarkable ability of the human auditory system to decompose a 
mixture of concurrent sounds, arriving at the two ears, into the original sources and, subsequently, to 
selectively attend to the desired source while ignoring the others. This is also referred to as the cocktail 
party problem. While selective hearing is remarkably powerful in normal hearing (NH), it is severely 
degraded in electric hearing (1), i.e., hearing with cochlear implants (CIs). For speech-in- speech 
understanding, two important aspects of selective hearing are the segregation of sound sources based 
on the localization of target and interferers, predominantly based on ITD (2), and the segregation 
based on monaural features. For speech, one important monaural feature is voice pitch (3), i.e., a 
talker’s fundamental frequency (F0). 

In NH, ITD encoded in the rapidly varying temporal fine-structure (AFS) dominates horizontal- 
plane sound localization for frequencies up to 1.4 kHz whereas above, ITD encoded in the slowly 
varying temporal envelope and interaural level differences (ILDs) contribute (4). Reliable real-world 
ITD cues are encoded in the rising portions (i.e., the onset) of the envelope (5). 

Both AFS and envelope can encode temporal-pitch cues encoded via phase locking in the auditory- 
nerve (AN) fibers, yet, AFS-based pitch has been shown to be more salient than envelope-based 
pitch (6). Oxenham et al. (7) suggested that salient pitch might be encoded by place cues, encoded via 
the place of the most firing AN sub-populations, rather than AFS cues. However, Graves and Oxenham 
(8) demonstrated above-chance discrimination of three simultaneous F0s based on the envelope only. 

In electric hearing, the spectral resolution is severely limited due to structural limitations of the 
“system” CI. In particular, the CI electrode array is located in an electrically conductive fluid, the 
perilymph, with some distance to the AN. To overcome the gap between electrode and AN, current CIs 
stimulate with rather high electric currents in the range of milliamperes. Due to the perilymph, the 
electric fields spread and stimulate major parts of the AN. In multi-electrode stimulation, fields of the 
electrodes interact with each other (9), limiting the number of independent spectral channels to about 
eight (10), thus being lower than the number of implanted electrodes. 
                                                        
1 mlindenbeck@kfs.oeaw.ac.at 
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Electric stimulation of the AN is typically pulsatile rather than continuous. This approach reduces 
across-electrode interactions (9) and was the major innovation in the first CI stimulation paradigm that 
provided sufficient spectral precision for good speech understanding (11). Because speech cues (in 
quiet) are primarily envelope-based, most clinically used stimulation paradigms rely on envelope 
coding and use “high” pulse rates. 

Given their low spectral resolution, CIs rely on precise encoding of temporal cues. Fortunately, CI 
listeners are rather sensitive to temporal cues (12). A major determinant of a CI’s performance is the 
stimulation paradigm implemented in the sound processors. The paradigm defines how the acoustic 
signals arriving at the two ears are converted into electric pulse sequences stimulating the CI listeners’ 
cochleae. Most clinically used stimulation paradigms provide good to very good speech understanding 
in quiet, yet, most of them lack precise encoding of ITD and temporal-pitch cues (or sometimes vice 
versa). Beyond monaural limitations of temporal coding precision, most current stimulation paradigms 
do not implement binaural processing to improve ITD perception because current sound processors are 
typically not linked between ears. This results in a further deficit of binaural sensitivity with clinical 
processors compared to what is possible with highly-controlled experimental research interfaces.  

In this contribution, we present the concept of a novel stimulation paradigm that aims to provide 
precise ITD and temporal-pitch cues (hereafter referred to as timing cues) while preserving speech 
understanding to an extent as currently possible with clinically used stimulation paradigms. First, we 
briefly summarize timing-cue perception with both direct electrical stimulation via research interfaces 
and with clinical sound processors while introducing previously developed paradigms that aimed at 
improved timing-cue perception. Second, we introduce the basic approach on which the paradigm is 
based on. The approach is derived from recent single-electrode experiments and exploits the use of 
extra pulses with short inter-pulse intervals (so-called SIPI pulses). Third, we introduce the 
stimulation paradigm and, finally, outline a concept for binaurally-linked processing and stimulation 
while assuming that this is someday possible with clinical CI sound processors. 

2. TIMING-CUE PERCEPTION IN ELECTRIC HEARING 

2.1 Direct Stimulation 
When directly stimulating a single interaural electrode pair, sensitivity to ITD encoded in the electric 
temporal fine-structure (EFS), i.e., the timing of a CI pulse train, degrades for rates exceeding 
100 pps (13,14). Even best CI-ITD sensitivity is much worse than best NH-ITD sensitivity (15). 
Moreover, CI listeners are sensitive to ITD encoded in the temporal envelope of an electric pulse 
train (14,16), yet, much less than NH listeners (16) and affected by a modulation-rate limitation 
similar to that found for the EFS pulse rate (14). When multiple interaural electrode pairs are 
stimulated directly, ITD sensitivity is broadly similar as compared to single pairs (17,18). Mixed-rate 
approaches, including one electrode with low-rate stimulation in non-apical cochlear regions among 
four electrodes with high-rate stimulation, yielded low-rate-like sensitivity (19). 

Similar to ITD, temporal-pitch perception is severely degraded with CIs compared to NH. Although 
CI listeners are generally able to perceive temporal pitch, their ability to discriminate EFS-based 
single-electrode temporal pitch is limited to rates up to around 300 pps (20). The nature of this rate 
limitation seems to be similar to the rate limitation observed in ITD perception (21), probably both 
showing a common mechanism. CI listeners are further sensitive to envelope-based pitch if the carrier 
rate is sufficiently high, with best sensitivity at modulation rates of 100 Hz (22), similar to envelope 
ITD. For temporal pitch, slight benefits of multi-electrode stimulation compared to single-electrode 
configurations were found (23,24), yet, those might partly be attributable to increased loudness (24). 

2.2 Stimulation with Clinical CI Sound Processors 
The stimulation paradigm implemented in a CI sound processor crucially determines a CI listener’s 
binaural sensitivity. Widely used clinical stimulation paradigms are continuous interleaved sampling 
[CIS (11)] and the advanced combination encoder [ACE (25)]. Both minimize channel interactions by 
tightly interleaving the pulses across electrodes. To achieve such a rigorous pulse organization, the 
AFS is replaced by the EFS in the form of periodic high-rate pulse trains, resulting in envelope coding. 

The per-channel EFS rate is typically too high to provide salient EFS-ITD cues. Beyond that, 
current CI processors operate independently on unsynchronized clocks, which further degrades any 
residual binaural sensitivity. Still, clinical processors should principally encode envelope ITD with 
some fidelity. Yet, for speech stimuli, CI listeners’ envelope-ITD sensitivity is rather weak (26). 
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Clinically used envelope-based stimulation paradigms generally lack low-rate AFS information. 
Several stimulation strategies that aim to encode the AFS have been proposed, some of which are 
implemented in newer clinical processors and some have remained experimental. The so-called fine 
structure processing [FSP (27)] presents AFS information in the EFS of up to three apical electrodes 
and is also available as a version with four “EFS channels” (FS4) and simultaneous stimulation 
[FS4-p (28)]. Both peak-derived timing [PDT (29)] and fundamental asynchronous stimulus timing 
[FAST (30)] lock pulses to envelope peaks, but FAST employs generally lower rates and is thus 
considered to be a low-rate paradigm. In general, published studies demonstrating significant binaural 
benefits with those paradigms are lacking (15). 

With clinical sound processors, CI listeners also struggle in pitch-related tasks (31,32). Thus, while 
rather huge across-gender F0 differences might contribute to some extent to CI listeners’ selective 
hearing (33), smaller within-gender differences in F0 likely do not. Previous attempts to improve 
temporal-pitch coding in stimulation paradigms were based on the explicit enhancement of the 
per-channel envelope shape. For example, sawtooth (34) or sinusoidal (35) amplitude modulation at 
full depth was applied. While showing improvements on pitch-related tasks, the effects on speech 
understanding were so far mixed, showing both degraded (36) as well as preserved (37) performance. 
Still, none of those approaches is capable of more encoding than one F0 cue concurrently. 
Consequently, their potential benefit for selective hearing is questionable. 

3. INSERTING EXTRA PULSES WITH SHORT INTER-PULSE INTERVALS 
There is a trade-off in pulse rate between encoding speech cues (in quiet) and timing cues because 
envelope-based speech cues require high EFS rates whereas timing cues require low EFS rates. 

One approach to improve single-electrode ITD sensitivity at rates sufficiently high to encode 
speech is to apply binaurally coherent jitter to the inter-pulse intervals of the pulse trains (38). This 
was supported by neurophysiological data, additionally showing that only the randomly generated 
SIPI pulses in the jittered pulse trains actually caused improved ITD sensitivity (39). 

 

 
Figure 1 – High-rate single-electrode pulse trains with F0 amplitude modulation. (A) Amplitude 

modulation only, (B) SIPI pulses inserted at every second envelope peak (SIPI rate is half the F0). 
 
Compared to the jitter approach, a SIPI approach might be better suited for interleaved CIS-like 

stimulation because it exploits the benefit of the SIPI pulses in a deterministic way. To this end, 
single-electrode ITD sensitivity was studied with both unmodulated (40) and amplitude-modulated 
(41) pulse trains. Using unmodulated pulse trains, Srinivasan et al. (40) investigated the effect of the 
SIPI parameters “rate” (cf. Figure 1B) and “fraction”. The SIPI fraction defines the time gap between 
carrier pulses and SIPI pulses as a portion of the carrier inter-pulse interval. With a 1000-pps carrier, 
SIPI pulses yielded jitter-like left/right-discrimination performance for SIPI rates up to 200 pps with 
SIPI fractions up to 10% (40). For those rates and fractions, EFS-like ITD sensitivity was completely 
restored. The SIPI-pulse effect on ITD sensitivity was also confirmed neurophysiologically (42). 

As a next step, the effect of SIPI pulses on single-electrode ITD sensitivity (41) and temporal-pitch 
sensitivity (43) was studied with high-rate amplitude-modulated pulse trains as shown in Figure 1. In 
conditions with SIPI pulses placed at envelope peaks (cf. Figure 1B), discrimination performance 
improved for F0s representing both male and female talkers as compared to conditions without SIPI 
pulses (cf. Figure 1A). In particular, ITD sensitivity improved at all modulation depths between 0.1 
and 0.9, and temporal-pitch sensitivity improved particularly at a modulation depth of 0.1. The data 
further revealed that the SIPI rate was affected by a limitation similar to that described in Section 2.  

The above-described effects of the SIPI pulses highlight the fact that the stimulation paradigm 
proposed in this contribution cannot consider binaural hearing in isolation without controlling for 
monaural effects on temporal pitch. 
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4. STIMULATION PARADIGM 

4.1 General Concept 
Figure 2 shows the flow chart of the proposed stimulation paradigm. It will provide precise encoding 
of timing cues in addition to speech understanding by combining 1) low-rate AFS encoded via EFS at 
the two most apical electrodes [“EFS channels”, cf. FSP (27)], 2) high-rate envelope coding [“ENV 
channels”, cf. CIS (11)], 3) superimposed with SIPI pulses (40,41,43) up to the most basal channels, 
and 4) interaurally-linked, binaural signal processing employing models of acoustic binaural hearing. 

 

 
Figure 2 – Flow chart of the MissiSIPI stimulation paradigm. Steps relevant for binaural sensitivity in grey. 

 
Compared to previous approaches, innovations concern the steps (c) and (d). In the end, the 

stimulation paradigm will generate Multi-channel, interaurally-linked stimulation sequences 
incorporating SIPI pulses, hereafter referred to as MissiSIPI. 

The following processing steps are planned: 
1. Up-sampling of the acoustic signals to enhance MissiSIPI’s temporal precision. 
2. Bandpass filter banks split the signal into twelve bands within short time windows. The filter 

bandwidths and thus MissiSIPI’s frequency range orientate on FSP/FS4 (28). 
3. For the EFS channels, envelope and phase of the analytic signal, required for pulse timing, 

are extracted. Pulses of the EFS are triggered by positive zero crossings and the amplitudes 
of those pulses are determined by the envelope. EFS channels are not further processed prior 
to amplitude mapping. Timing cues are encoded implicitly. 

4. For the ENV channels, envelope-peak timing is extracted per channel. The extraction method 
is derived from statistical timing analysis of per-band signals of English [TIMIT corpus (44)] 
and German [Kiel corpus (45)] speech signals of both male and female talkers. 

5. Binaurally-linked processing can be activated to enhance binaural sensitivity. When active, 
per interaural channel, envelope ITDs are estimated from the left and right-ear 
envelope-peak vectors. If the ITDs are unreliable, more reliable EFS-channel ITDs are used 
to refine the envelope ITDs. More details on binaural processing are provided in Section 4.2. 

6. SIPI and carrier-pulse masks: Each window is classified to be either voiced or unvoiced (46). 
Because the SIPI approach affects pitch perception due to its repetitive manner, SIPI pulses 
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are only inserted in voiced windows. In those windows, SIPI-pulse pairs are placed at time 
instances of (refined) envelope-peak vectors. The so-called “F0-coding option”, when 
activated, implicitly defines the SIPI rate by classifying envelope peaks as corresponding to 
the F0 in the current window. The SIPI fraction remains adjustable within a certain 
(low-value) range. ENV-channel carrier pulse masks, filling time instances with neither a 
SIPI-pulse pair nor an EFS-channel pulse are generated, aiming for uniform envelope 
sampling and a target carrier rate of 1000 pps per channel. 

7. Amplitude mapping: A logarithmic map-law is applied. The per-channel pulse vectors are 
transformed into biphasic pulse sequences and sent to the CI electrode arrays. 

In this early stage of development, our main goal is to provide high binaural sensitivity without 
considering the limitations of current CI sound processors. Hence, MissiSIPI will be developed for 
direct stimulation with a laboratory research interface such as the Research Interface Box II (RIB2). 

Compared to existing stimulation paradigms aiming at improved ITD perception, we expect 
advantages of MissiSIPI because 1) it provides timing cues across the entire CI electrode array, 
2) timing cues are provided at rates below the rate limitations and should, thus, be salient, and 3) it still 
uses high-rate “speech-friendly” stimulation on all-but-two available electrodes. 

Compared to existing stimulation paradigms aiming at improved temporal-pitch perception, we 
expect advantages of MissiSIPI because 1) we aim for preservation of spectral cues and 2) we assume 
sufficient temporal flexibility of the multi-electrode SIPI approach to encode F0 (and ITD) cues of 
more than one source. 

4.2 Binaural Processing 
The NH auditory system is exceptionally good at localizing concurrently active sound sources while 
suppressing interferences such as reflections. It does so by evaluating AFS information only during the 
rising portion of each envelope cycle where ITD is least affected by reverberation (5). Yet, in electric 
hearing, ITD is most saliently encoded at envelope peaks (41,47). 

Motivated by the Jeffress model for neural ITD coding which consists of several coincidence 
detectors optimized for a certain interaural delay, interaural cross-correlation (ICC) is often used to 
estimate the direction of arrival of a sound source (48). Yet, ICC alone does not take into account the 
reliability of an ITD estimate, which in turn could lead to undetected errors. 

One elegant way to consider the reliability is to also use the ICC estimate as an indicator of its own 
reliability. Faller and Merimaa (49) proposed to use short-term integration of the interaural coherence 
(IC), i.e., the maximum of the ICC, to label time instances as reliable or not in case the IC exceeds a 
certain threshold. In addition to only having to perform one computation for both ITD and IC, NH 
listeners seems to be exceptionally sensitivity to changes in IC (50). 

For MissiSIPI, the results from Dietz et al. (5) will be considered to identify reliable per-electrode 
timing events to place SIPI pulses. In addition to that, the use of SIPI pulses will depend on the 
per-electrode IC to avoid erroneous SIPI-ITD cues. In case only some electrode signals have a high IC, 
reliable ITD estimates can be integrated across electrodes to improve binaural sensitivity by providing 
reliable and salient ITD cues across the entire CI electrode array. In particular, given that low-rate ITD 
is perceived most saliently, reliable EFS-ITD estimates as determined by IC will be used to refine the 
envelope ITD in non-apical channels. Yet, the effects of some important parameters of this method still 
have to be evaluated to parameterize MissiSIPI for arbitrary acoustic signals. 

4.3 Conflicts in Across-Electrode Timing 
With arbitrary acoustic inputs from arbitrary azimuthal locations simultaneous SIPI stimulation across 
electrodes is likely to be demanded occasionally. Because MissiSIPI will employ interleaved 
stimulation across electrodes, routines to solve such pulse conflicts have to be implemented. 

Currently, three candidates seem to be most promising. First, parallel stimulation resolves als 
conflicts, however, it will result in severe electric-field interactions (9). Thus, conditions that apply 
parallel stimulation have to be carefully selected. Second, individual SIPI pulses can be removed. A 
recent study by Egger et al. (51) could aid in determining the maximum amount of (interaurally 
uncoordinated) pulse removal. Assuming similar ITD sensitivity with low-rate EFS stimulation and 
high-rate SIPI stimulation (40), up to about 8% of pulses could be removed without significantly 
degrading ITD sensitivity (51). Third, conflicting pulses could occasionally be delayed, resulting in a 
form of jitter of the SIPI rate with potential consequences on pitch sensitivity. 

All routines will consider a trade-off between ITD and pitch coding, with ITD coding having 
priority because of higher binaural than monaural timing sensitivity.  
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5. SUMMARY 
Current CI stimulation paradigms lack precise encoding of timing cues in addition to speech cues 
because a pulse-rate trade-off specific to electric hearing remains unsolved. A single-electrode 
approach, relying on the insertion of SIPI pulses, has been shown to enhance timing cues. A novel 
stimulation paradigm (MissiSIPI) was proposed, employing a multi-electrode SIPI approach for 
non-apical electrodes with CIS-like stimulation (ENV channels) while using FSP-like stimulation at 
apical electrodes. The paradigm uses models of binaural hearing in an interaurally-linked processing 
stage to refine envelope-ITD encoding by combining reliable ITD information across electrodes. 
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Abstract
Hearing devices are mostly tested using controlled laboratory environments. These feature simplified auditory
representations of the real conditions under which the hearing devices will perform once released, such as one
speech signal played from one loudspeaker plus a noise signal playing from another loudspeaker. It can however
be insufficiently realistic for some of the processing included in the devices. In order to circumvent this limi-
tation, Virtual Sound Environments (VSE) can be used to simulate complex sound fields using headphones or
arrays of loudspeakers, and thus to offer more realistic conditions than most common hearing device evaluation
protocols. In this paper, a hearing device algorithm based on Interaural Level Differences (ILD) was evaluated
using Binaural Room Impulse Responses (BRIR, used here as a reference), and artificial room effects repro-
duced via either Higher Order Ambisonics (HOA) or Vector-Based Amplitude Panning (VBAP). Results show
that the algorithm does not work when using 5th order HOA, and that the performance of the algorithm is lower
when using VBAP than when using BRIR.
Keywords: Hearing devices, 3D audio, Interaural Level Differences, Signal processing

1 INTRODUCTION
Normal Hearing (NH) people show remarkable abilities in listening tasks, even in challenging conditions. Those
abilities strongly rely on the use of the binaural cues such as Interaural Level Differences (ILD) and Interaural
Time Differences (ITD). By combining the information from the left and the right ears, normal hearing people
are able to focus on a single speaker in a mixture of competing/interfering talkers such as cocktail-party situ-
ations. They are also able to localize a target sound source in complex auditory environments. However, the
cues used for such tasks are degraded in Hearing Impaired (HI) people. Depending on the type and severeness
of the impairment, tasks such as sound localization, sound lateralization, discrimination of interaural level and
time differences, speaker discrimination are challenging and, in some severe cases, impossible. A brief review
of past studies conducted on the effect of hearing impairment on binaural interaction is given in [1].
Initial studies on spatial perception in HI people used limited conditions e.g., no room simulation, sources
coming from single loudspeakers. Recently, the development of Virtual Sound Environments (VSE) made it
possible to simulate complex environments and use them to understand and improve speech perception in such
environments [3]. In this study, VSEs are used to guarantee more realistic test conditions, particularly in terms
of variety of sources, source positions, room effects, and dynamic of the auditory scenes. The increased realism
might be required for testing the efficiency of e.g., noise reduction or spatial processing algorithms.
The use of Virtual Sound Environments (VSE) for evaluating hearing devices in complex auditory 3D envi-
ronments was already discussed in [4, 5, 6, 7, 8]. More particularly, the authors discussed the limitations of
3D audio environments for evaluating hearing devices. In [9], the authors compared the reproduction of ILDs
with Distance-Based Amplitude Panning (DBAP), Higher Order Ambisonics (HOA), Multiple Direction Ampli-
tude Panning (MDAP), and Vector-Based Amplitude Panning (VBAP). They showed that the ILDs were better
reproduced with VBAP by 3dB on average. The ILD errors could reach up to 17dB with DBAP. Given that
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according to [10], sources located 90◦ to the side can lead to ILDs up to 25dB at high frequencies, this implies
that the errors of ILDs for VSE are not neglectible.
The impact of such errors on hearing device processing is not yet known. Yet it is important to consider these
3D audio reproduction artifacts when evaluating hearing aids: hearing devices offer tools that can help the
wearer to focus on a target sound source in complex acoustic environments. Some of these tools are based on
algorithms which also rely on the estimation of binaural acoustic features. For that reason, a correct simulation
of the binaural cues is fundamental when creating virtual acoustic environments for hearing device evaluation.
The current study therefore illustrates the effects of the ILD reconstruction errors of HOA and VBAP repro-
duction techniques on a hearing device algorithm for sound localization. This paper describes the experimental
setup, shows the results and discusses the limitations of the reproduction systems for the evaluation of hearing
devices.

2 EXPERIMENTAL SETUP
In this study, a hearing aid localization algorithm based on binaural cues was tested using three different types
of sources: a real source, an HOA virtual source, or a VBAP virtual source.
The real source test signals were obtained trough the convolution of Binaural Room Impulse Responses (BRIR)
and anechoic speech signals. The BRIRs were recorded with two Behind The Ear (BTE) hearing aid satellites
placed on a KEMAR manikin. The database of the BRIRs comprises impulses recorded from 0◦ to 350◦,
with a step size of 10◦ in the azimuth plane. The recordings were conducted in three different rooms with a
source-receiver distance of 2m. The acoustical properties of the recording environments are shown in Table 1.

Table 1. Acoustic properties of the rooms.

Room Volume [m3]
DRR and RT60

at 2m [dB|s]

Cafeteria 488 5.4 0.61

Listening room 125 5.7 0.17

Classroom 262 4.1 0.59

Both of the HOA and VBAP recordings were made in a listening room (RT30 = 199ms) equipped with an
array of 32 8020 DPM Genelec loudspeakers:

• 8 loudspeakers every 45◦ azimuth at an elevation of -30◦

• 12 loudspeakers every 30◦ azimuth at an elevation of 0◦

• 8 loudspeakers every 45◦ azimuth at an elevation of +30◦

• 4 loudspeakers every 90◦ azimuth at an elevation of +60◦

Distance from the loudspeakers to the center of the array was 1.5 m, except for the 4 top loudspeakers, which
were 98 cm away from the center.
In order to have a comparison as fair as possible between the methods, only the results obtained with the BRIRs
recorded in the Listening room, the one with the most similar RT60, are considered here. In this way, the effect
of the reverberation time is reduced and only the geometry of the rooms will affect the results.
Fifth order HOA and VBAP sound reproduction was done using Max1, a visual programming tool for audio,

1https://cycling74.com/
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Figure 1. Schematic of the loudspeaker spherical array used to generated HOA and VBAP recordings.

and Spat2, a spatial audio processing plug-in for Max. No room effect was added in Max nor Spat, meaning the
reverberation recorded at the hearing aid satellites was that of the recording room. This means that the RT60
was not the same for all conditions. The smaller RT60 for the VBAP and HOA reproduction room implied that
the performance of the tested algorithm should have been better with the simulated sound sources than with the
virtual sources.
The stimuli tested in this study included either one or two speech sources. The absolute localization performance
of the algorithm was tested using a single talker. The ability to identify and localize multiple sources was tested
using two competing talkers placed in specific positions.
The inputs of the tested algorithm are the recordings of the four microphones placed on the hearing devices.
The energy level difference between left and right devices is computed for each considered frequency band and
only the level differences in the high frequency bands is kept for further analysis. Based on the level difference
measured at each time frame and other relevant acoustic parameters, a decision model estimate in which one
of the six possible areas the detected sound source is located, as depicted on Fig. 2. The limits between areas
1 and 2 or 1 and 6 are set at ±30◦. The localization performance of the algorithm is azimuth-dependent. In
this study, the comparison with different sound reproduction methods was carried out with sound sources placed
always in positions where the performance of the algorithm was expected to be good.

3 RESULTS
In this section, the results for the localization algorithm obtained with the three different sound reproduction
methods, BRIRs, HOA and VBAP are presented.
Fig. 2 shows the acoustic scene simulated and tested in this study. Two speech sources are located on the left
and right side with respect to the hearing aid user. The right sound source was set to be slightly louder than
the left one (≈ 5dB). The sources were placed at the azimuth positions of ±50◦ with the 0◦ considered at the
front of the hearing aid user. This acoustic scene was used to test the three sound reproduction methods here
considered. Only for VBAP and BRIRs, a further test with the speakers located at ±60◦ was conducted.
As mentioned previously, the results obtained with the binaural impulse responses are used as the reference.
Fig. 3 shows that sound sources are detected in area 1, 2 and 6 even though the sources are only located in
area 2 and 6. The phantom source detected in area 1 comes from the interaction of the two sources. Without
further processing, whenever two sources interfere in such a way that the measured level difference is close to
zero, the algorithm will interpret these low ILDs as a source located at the front (for which the natural ILDs
would be close to zero). This aspect will not be further discussed as it is not relevant for this study and the

2https://forumnet.ircam.fr/product/spat-en/
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Figure 2. Acoustic scene simulated with the
three sound reproduction methods. Sources
are placed at the azimuth positions of ±50◦

with the 0◦ considered at the front of the
hearing aid user.
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Figure 3. Localization results with BRIRs
when the sources are located at ±50◦. This
output is used as reference in the compari-
son between the reproduction methods.

result with the phantom source detected in area 1 is still going to be considered as the reference. In addition
to the estimated location, the algorithm provides information about which source was louder over time: Fig 3
shows that the source located in area 6 was louder than the source located in area 2. However, no information
about the loudness difference is provided.
Fig 4 and 5 show the results obtained with HOA and VBAP, respectively.
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Figure 4. Localization results for HOA when
the sources are located at ±50◦.
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Figure 5. Localization results for VBAP
when the sources are located at ±50◦.

The results shown on Fig 4 demonstrate that the algorithm failed in localizing the sound sources. With VBAP
the algorithm could detect more than one source but the interaction between the sources is quite different from
what is obtained with BRIRs. In fact, the percentage of detection in area 1 is more than 60 in case of VBAP
but only 19 in case of BRIRs.
To verify whether this difference in the source interaction was mainly due to the reproduction system, a second
test was run only for VBAP and BRIRs. Fig. 6 and 7 show the comparison between the localization results
obtained with BRIRs and VBAP when the sound sources are located at the true speaker positions of ±60◦. In
this case, only one speaker per source is active and the difference between the results is smaller. In fact, the
percentage of detection in area 1 is 45 for VBAP and 24 for BRIRs. It is worth mentioning here that one may
expect to have a smaller detection in area 1 for the BRIRs since the sources are located further to the side.
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However, this expectation does not consider the actual geometry of rooms, the actual reflection pattern present
in the impulses and the difference , even if small, in the microphone directivity.
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Figure 6. Localization results obtained with
BRIRs when the sources are located at the
true speaker positions of ±60◦.
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Figure 7. Localization results obtained with
VBAP when the sources are located at the
true speaker positions of ±60◦.

4 DISCUSSION
In [9], an objective comparison of various VSE was done in the same room and similar conditions to those
described in this paper. In the study by Simon et al., ILDs produced by virtual sources located every 10◦ on
the horizontal plane were compared to the ILDs of real sources for the same source positions (either one of
the loudspeakers of the reproduction system, or an additional loudspeaker used only for the measurement of
real source impulse responses). When a virtual source produced with VBAP is located at the same position as
one of the loudspeakers of the array, only that loudspeaker is active. Therefore at those positions, the ILDs
produced by VBAP virtual sources are the same as the ILDs of the real sources. This is not the case for HOA,
for which all loudspeakers are always active, although with different weights.
In the following, the expression ’estimation error’ will refer to the difference between the estimation of the
algorithm with HOA and VBAP and the estimation with real sources, i.e. BRIRs.
The results shown in Fig. 8 and 9 could explain why the ILD-based algorithm failed to work correctly in the
case of acoustic environments reproduced with HOA and VBAP. The plots show the difference in ILDs between
the real sources and the two other reproduction methods as a function of frequency and azimuth. The colorbar
range has been manually limited between 1 and 7 for an easier comparison. However, in the case of HOA,
the difference can reach 10 dB in the high frequency range. The algorithm considered here strongly relies on
the actual ILD value measured at any time frame. Whenever the ILD values are distorted, the algorithm will
misinterpret the acoustic scene. In particular, as already mentioned in section 2, the algorithm considers only
the ILD values in the high frequency range where the sound is more directive and the ILD is the dominant
cue. The error in ILDs produced by HOA and VBAP differs in magnitude and nature. In the case of HOA, the
sound field in the high frequency range is not faithfully reproduced due to spatial aliasing and to the limited
number of real sources producing the sound. Therefore, the directional cues are missing and the algorithm
cannot estimate the direction of arrival of the sound or, in case of multiple sources, which one is louder. In the
case of VBAP, there is a visible effect of the azimuth position of the source playing. The estimation error of
the algorithm was larger in the case of virtual sound sources, i.e. sources that are placed between two speakers.
In this case, more than one speaker at a time is active and the correlation between the sound fields generated
by each active speaker creates the illusion of a source placed where no physical speaker is present. The effect
of the correlation is limited and results in a sound field which is not a faithful reproduction of the desired
acoustic scene. Comparatively, the estimation error was relatively small when the source was played at a true
speaker position. In this latter case, only one speaker is active and the differences between the estimations with
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Figure 8. Difference of ILD in dB between
the real sources and the HOA5 reproduc-
tion system in the same listening room, at
the same positions. Measurements were done
every 10◦.

Figure 9. Difference of ILD between the real
sources and the VBAP reproduction system
in the same listening room, at the same po-
sitions. Measurements were done every 10◦.

VBAP and BRIRs comes only from the difference in the reflections in the two tests.
Due to the multiple parameters involved in the localization estimation, it is difficult to evaluate the reproduction
systems with a single number. In fact, one should take into account the exact geometry of the room, the absorp-
tion coefficient of all the elements present in it, their relative location and the exact position of the sources with
respect to the receiver. In this study, the comparison was done between two rooms which had a very similar
reverberation time but the actual reflection patterns and geometry of the rooms were not considered. However,
all these parameters are not likely to produce an ILD difference up to 10 dB. Therefore, the differences in the
estimations presented here are still related to the actual reproduction system used.

5 CONCLUSIONS
In this study, the effects of three sound reproduction methods on a hearing-device localization algorithm that is
based on ILDs has been conducted. It was shown that the fifth order HOA was not able to faithfully reproduce
the sound field in the high frequency range leading to a wrong localization for the whole duration of the sound
signals. Better results were obtained with VBAP although it was shown that the mismatch between the reference
(BRIRs) and VBAP is smaller when the sources are located at a true speaker position.
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Abstract
This contribution presents the 3D Tune-In (3DTI) Toolkit, an open source C++ library for binaural spatialisation
which includes hearing loss and hearing aid emulators. Binaural spatialisation is performed through convolution
with user-imported Head Related Transfer Functions (HRTFs) and Binaural Room Impulse Responses (BRIRs),
including additional functionalities such as near- and far-field source simulation, customisation of Interaural
Time Differences (ITDs), and Ambisonic-based binaural reverberation. Hearing loss is simulated through gam-
matone filters and multiband expanders/compressors, including advanced non-linear features such as frequency
smearing and temporal distortion. A generalised hearing aid simulator is also included, with functionalities such
as dynamic equalisation, calibration from user-inputted audiograms, and directional processing.
Keywords: Binaural, Rendering, Hearing Aid, Hearing Loss

1 INTRODUCTION
The 3D Tune-In (3DTI) project (http://www.3d-tune-in.eu/), concluded in April 2019, aimed at supporting
hearing aid users through 3D sound and visual technologies, and gamification techniques. One of the main
outcomes of the project was the 3DTI Toolkit [3], a custom, open-source, multiplatform C++ library for binaural
spatialisation and emulation of hearing loss (HL) and hearing aids (HA), which was created in order to address
a challenging set of requirements regarding real-time performance and portability.

2 THE 3DTI TOOLKIT STRUCTURE AND FEATURES
The Toolkit is presented as a set of modules grouped into three main components: binaural spatialiser, HL/HA
simulation, and shared modules for signal processing, buffer management and geometrical calculations. The dis-
tribution includes a collection of resources ready to be used by the Toolkit, including anechoic sample sounds,
a selection of Head Related Transfer Functions (HRTFs) from the LISTEN database [6], and some original Bin-
aural Room Impulse Responses (BRIRs). Finally, a set of modules to manage those resources is also included.

2.1 Binaural spatialiser
The structure of the spatialiser is arranged so that the anechoic path and the reverberation are processed sep-
arately. The anechoic path is spatialised by direct convolution with Head Related Impulse Response (HRIR)
corresponding to the direction from where each sound source is coming. This HRIR is computed through
barycentric interpolation among the nearest neighbours within the HRTF. The HRIRs need to have been pro-
cessed in advance in order to remove the Interaural Time Differences (ITDs), and minimise comb filtering
effects during the interpolation. The signal resulting from the convolution is then processed by a near-field
simulator, which modifies the Interaural Level Differences (ILDs) according to a spherical head model, in or-
der to account for the additional shadowing effect of the head when the sound source is located at distances
closer than the one where the HRTF was measured. Finally, the ITD is simulated through a simple delay in the
contralateral ear, allowing users to customise the rendering according to their own head circumference.
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The Toolkit implements binaural reverberation through a virtual-loudspeaker approach based on low-order Am-
bisonic encoding, and the convolution of individual loudspeaker signals with BRIRs. Reverberation is therefore
generated for all sources at the same time, but keeping certain location-dependent characteristics. This approach,
together with the use of uniformly partitioned convolution in the frequency domain, allows the Toolkit to sim-
ulate large reverberating scenes, with virtually unlimited number of sources, maintaining high spatial accuracy
for the direct anechoic path (spatialised using direct-HRIR convolution, as mentioned earlier).

2.2 HA/HL simulator
Optionally, after the spatialisation process, HA and HL simulators can be activated. The HA simulator is based
on a dynamic equaliser, which can be configured using the Fig6 formula [4], and allows for the simulation
of directional microphones. The HL simulator is implemented with three cascaded processes: a multiband
expander, a frequency smearing algorithm which can use a custom model as well as the Moore-Baer one [2],
and a temporal distortion algorithm, which introduce a fully customisable jitter [5].

2.3 Resources manager
These modules are provided to facilitate the loading of files containing the HRTF, BRIR and IIR filters used for
the near field compensation. HRTFs and BRIRs can be stored in SOFA files [1]. The HRTFs are assumed to
be in the form of a set of synchronised (i.e. no ITD) impulse responses, storing the ITD data in the Delay field
provided by the SOFA format. The BRIRs are assumed to be in the form of a set of impulse responses with
the direct path removed. In addition to SOFA, a custom 3dti format can be used to store HRTF and BRIR, as
well as the IIR filter coefficients look-up tables used for near field compensation.

3 FINAL REMARKS
The 3D Tune-In Toolkit is an open source library which is available in a public repository at https://github.
com/3DTune-In/3dti_AudioToolkit. Several other releases of the 3DTI Toolkit are also available, including
a Test Application, with a GUI, OSC remote control capabilities and installers for MacOS, Windows and Linux;
a VST plugin for MacOS and Windows; and a Javascript wrapper for web-based binaural spatialisation1. A
complete technical description of its spatialisation features has been recently published in [3]. A second paper
is currently in preparation to describe the implementation of the hearing loss emulation.
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ABSTRACT 

Interaural time differences (ITDs) help normal hearing listeners perceive, locate and understand sounds in 

noisy and reverberant conditions, but their benefit is limited with bilateral cochlear implants (BiCI). 

Monaghan & Seeber (2016) presented a temporal enhancement algorithm that sharpens and deepens 

modulations at onsets of selected peaks in the signal envelope and showed improved ITD sensitivity with 

tone-vocoded speech. Based on the short-term direct-to-reverberant ratio (DRR) the algorithm selects peaks 

that are dominated by the direct sound rather than reflections and applies enhancements at times derived from 

the timings of envelope peaks. However, extensive analysis revealed that envelope peak timings do not 

robustly convey the ITD of a source in reverberant rooms. Presented here is an updated version of the 

algorithm that estimates the short-term ITD from the signal’s temporal fine structure and adjusts the 

enhancement timings to encode that ITD. Furthermore, the new algorithm enhances envelope peaks based on 

the short-term interaural coherence. Evaluation with a vocoder revealed that the new algorithm improved 

ITD sensitivity relative to the old algorithm and unenhanced case, for all DRRs examined, without degrading 

speech understanding. This suggests that BiCI users in our current study will also demonstrate benefits. 

 

Keywords: cochlear implant, stimulation strategy, reverberation, binaural hearing, auditory scene analysis 
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ABSTRACT 

Cochlear implants (CIs) work by dividing the incoming acoustic signal into a limited number of frequency 

channels, extracting the slowly varying amplitude envelope in each channel and using this to modulate the 

level of electrical pulses delivered to the auditory nerve fibres. The amplitude modulation (AM) cues that are 

transmitted are crucial for speech understanding and an individual’s abilities to perceive different rates of AM 

is related to speech perception. The use of these cues can be affected by interference from adjacent channels 

caused by current spread which is further exacerbated if traumatic electrode placement or poor neural 

survival occurs. We have tested eleven adult CI users with a psychophysical measure of across-channel 

modulation interference (AMCI), to determine discrimination of different rates of AM in the presence of 

interferers and an electrophysiological correlate, the electrically-evoked auditory change complex 

(eACC).The eACC is a cortical potential in response to a change in an ongoing stimulus,i.e. AM rate change. 

Ability to discriminate AM rate (based on AMCI and eACC) is related to speech perception. If eACC to AM 

rate changes can be developed it can be used with children and also to identify poorly discriminated CI 

electrodes, to guide re-mapping. 

1. INTRODUCTION  
The wide range in speech perception performance that is observed in the population of cochlear implant 

(CI) users (Holden et al., 2013) can be partially attributed to the viability of the electrode-neural interface 

(Bierer, 2010).  Issues at the interface can be caused, for example, by poor neural survival or traumatic 

electrode insertion.  This can result in broader current spread than when the interface is well preserved, 

resulting in channel interaction, which in turn blurs the internal representation of the sound and leads to 

poor speech perception (Cohen et al., 2003; Eisen and Franck, 2005; Bierer, 2007).  

  

Cochlear implant users are predominantly reliant upon slow temporal envelope fluctuations in speech for 

perception. Poor delivery of these envelope cues due to cross-channel interference degrades speech 

recognition post-operative outcomes (Shannon et al., 1995; Fu, 2002).  Modulation detection thresholds 
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have been used to locate electrodes that are poor at delivering amplitude modulation (AM) (Galvin and Fu, 

2005; Garadat et al., 2012) and a relationship has been observed between the number of electrodes 

accurately conveying modulations and speech perception.  As the different rates of modulation can be 

important for conveying important speech features (Rosen et al., 1992), this research focusses on 

supra-threshold modulation rate discrimination.  There are two phases to the research, firstly looking 

psychophysically at within-channel modulation rate discrimination in the presence of interferers from 

adjacent channels and secondly at an electrophysiological measurement of the ability to detect 

within-channel changes in modulation rate using the electrically evoked auditory change complex (eACC).  

The eACC is an EEG response to a change in an ongoing stimulus and considered to be a sensitive 

indication of perceptual discrimination.  It has been shown to be sensitive to changes in electrode 

(Mathew et al., 2017; He et al., 2014), detection of speech in noise using acoustic stimuli (Brint, 2017) 
and for mapping the temporal modulation transfer function (Han and Dmitrejivic, 2015).  The eACC 
has not been used to look at modulation discrimination within a single implant channel.   

We wanted to know if psychophysical measures of modulation discrimination are related to speech 
perceptual abilities.  For the eACC to modulation discrimination we wanted to determine if a 
response could be measured for modulations rates that can be discriminated by the listeners. 
 

2.  METHODS 
Two different experiments were conducted, the first (Experiment 1) of which was a psychophysical 

measure of within-channel modulation discrimination in the presence of an interferer and the second 

(Experiment 2) was an electrophysiological eACC measure of modulation discrimination. 

2.1 Participants 

Experiment 1 

Eighteen normal hearing listeners and eight Advanced Bionics Cochlear Implant users participated.  All 

were adults and native speakers of English.  The normal hearing listeners were all screened for normal 

hearing at 20 dBHL from 250 – 8000 Hz.  Cochlear Implant participants met the following additional 

criteria.    

– Full intra-cochlear electrode insertion 

– Advanced Bionics cochlear implant users 

– Post implant activation experience of more than 9 months 

– Post lingual onset of severe/ profound bilateral hearing loss 

 

Experiment 2 

Six normal hearing listeners and five Nucleus cochlear implant users participated.  All were adults and 

native speakers of English.  Cochlear Implant participants met the following additional criteria.    

– Full intra-cochlear electrode insertion 

– Nucleus cochlear implant users 
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– Post implant activation experience of more than 9 months 

– Post lingual onset of severe/ profound bilateral hearing loss 

 

2.2 Procedures 
 
Experiment 1 
 
Psychophysical modulation discrimination task. A within-channel modulation discrimination task in the 

presence of interferers from adjacent channels was adapted from Moore et al. (2017). A carrier sinusoid 

with a frequency the same as the centre frequency of the filter of the experimental channel was used. AM 

was applied to this carrier. And the individual heard an AM rate of 4 Hz in one interval and 8 Hz in the 

other and their task was to indicate which sound had the “faster” AM. Interfering sounds were presented to 

adjacent channels with speech envelope modulations were applied to the sinusoids presented to those 

channels. The ratio of modulation depth of the target (8 Hz) and reference sound (4 Hz) were adjusted 

adaptively using a 2-down 1-up adaptive procedure tracking the 71% threshold. Good AM discrimination is 

indicated by a low ratio. 

 

This task was repeated for a number of electrodes along the array but only the first six electrode data is 

analysed here because this was common for all participants. 

 

Speech perception testing.  The coordinate response measure was used for evaluating speech perception.  

In this implementation of the test a sentence was presented in the presence of a single competing speaker.  

The target sentence was presented in the form “Ready Baron got to COLOUR NUMBER now” and the 

colour and number can change in the sentence e.g. “Red six” and the person indicated what they heard on a 

touchscreen.  The level of the competing sentence was adaptively adjusted to reach the Speech Reception 

Threshold where 50% of the speech is heard.  Stimuli were presented over a loudspeaker placed 1 metre in 

front of the participant and they responded using a touchscreen. 

 

Each measure was conducted twice and an average of the two thresholds used in the analysis. 

 

Experiment 2 

 

EEG recordings and analyses. Recordings were made using a 64-channel high resolution BioSemi Active 

Two electro-encephalology (EEG) recording system with channels arranged according to the international 

10–20 system. Scalp channels around the CI receiver package were not connected (typically 1-5 

electrodes).  

Artefact was removed by down sampling (1000 Hz) initially, band-pass filtering between 2-30 Hz 

(zero-phase, third-order Butterworth filter) and referencing to the contralateral mastoid. Eye movement and 

eye blink artefacts were removed and spatial filtering used.  
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Stimuli. For the cochlear implant users the stimuli were directly presented to electrode 16 using the 

Nucleus Implant Controller (NIC) version 3.  Biphasic pulses were modulated with either 19 or 35 Hz AM 

rates, or the nearest rates which could be discriminated, all stimuli were checked in advance to ensure that 

they were discriminable.  For the normal hearing listeners a 500 Hz sinusoidal carrier was used and AM 

was applied to the sinusoid, again modulation rates near to 19 and 35 Hz that were discriminable were used.  

All stimuli were loudness balanced and presented with 100% modulation depth.  The stimulus 

presentation was continuous with modulation rates being switched every 2 seconds.  Responses to each 

change were averaged together and the Hotelling T2 test was used to determine if there was a significant 

response. 

3. RESULTS 
Experiment 1 

At the time of article preparation results were available for 18 normal hearing and 8 cochlear implant users.  

Therefore trends but not final analyses will be reported.  Figure 1 shows the distribution of scores for 

modulation depth discrimination.  In general, the distributions of scores are similar for the two groups, 

suggesting that cochlear implant users are able to perform the task and discriminate between 4 and 8 Hz 

modulation within a channel. 

 

 
Figure 1. Range of scores for the normal hearing group compared to the cochlear implanted group for 

modulation depth discrimination.  Note that lower is better performance on this task. 

 

In figure 2 the scores for modulation discrimination are plotted against speech perception scores on the 

coordinate response measure task. 
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Figure 2.  Speech Reception Thresholds plotted against the reference/target modulation depth ratio.  

Lower is better on both tasks. 

 

Preliminary interpretation of the relationship between modulation discrimination suggests that for cochlear 

implant users that there is a relationship with speech perception up to a reference/target modulation 

discrimination ratio of 4.   

 

Experiment 2 

The results of experiment 2 indicated in all cases where an individual could discriminate modulations 

perceptually that they could also be measured electrophysiologically.  This was the case for both normal 

hearing and cochlear implant users.  Figure 3 shows individual and averaged results for the P1-N1-P2 

eACC response for cochlear implant users.  The pale lines are responses for individuals and the dark line 

indicates the average response.  The responses are robust and large. 

 

 

 

 

 

 

 

 

 

 

Figure 3 Shows individual and averaged P1-N1-P2 eACC responses.  The light lines indicate individual 

data and the dark line is the averaged response across participants. 
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4. DISCUSSION 
The findings show that modulation rate discrimination can be measured in cochlear implant users and that 

the ability to discriminate between different rates in the presence of interferers on adjacent channels could 

be related to speech-in-noise perception.  An electrophysiological analogue to the response was evaluated 

using the eACC and it showed that the response was robust in cochlear implant users.  Both the 

psychophysical and electrophysiological measures can be used to determine if an electrode is effectively 

delivering modulation information to the cochlear implant user.  This information could be used for 

re-mapping the implant and informing training intervention in cases where there is an electrophysiological 

response but not a behavioural response. 

5. CONCLUSIONS 
Modulation rate discrimination has the potential to indicate how well a cochlear implant user is able to 

make use of important modulation information in speech.  
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ABSTRACT 
Cochlear implant (CI) listeners struggle to understand speech in background noise. Interactions between 
electrode channels due to current spread increase the masking of speech by noise and reduce the effective 
number of channels a CI provides. Therefore, strategies to reduce channel interaction have the potential to 
improve speech-in-noise perception by CI listeners. We investigated the effects of channel interaction on 
speech-in-noise perception and its association with spectro-temporal acuity in a listening study with 12 CI 
users. By adjusting the spectral overlap in terms of acoustic bandwidths between electrode channels (spectral 
blurring), we simulated some of the effects of channel interaction and measured speech reception thresholds 
in noise as a function of the amount of blurring applied to either all, or 5 out of 15, electrode channels. 
Performance for each listener remained roughly constant as the amount of blurring applied to all channels 
increased up to some knee point, above which it deteriorated. This knee point correlated with performance 
on a non-speech spectro-temporal task. Surprisingly, even extreme amounts of blurring applied to 5 channels 
did not affect performance overall. Findings show the resilience of CI listeners against spectral blurring and 
illustrate the difficulties faced by optimization strategies. 
Keywords: Cochlear implants, Channel interaction, Speech perception 

1. INTRODUCTION 
Cochlear implants (CIs) restore hearing to deaf people by stimulating the auditory nerve with an 

array of electrodes. While CI listeners achieve good speech understanding in quiet acoustic conditions, 
most of them struggle to understand speech in noise (1, 2). Efforts to improve the perception of speech 
corrupted by background sounds by applying noise reduction techniques have provided benefits in 
some conditions but struggle to provide consistent benefits in the most challenging conditions with 
competing talkers (3, 4, 5). The strong limitations in speech-in-noise perception by CI users are likely 
due to interactions between the different electrodes, each of which is used to convey information about 
a different frequency region of the incoming sound (6). 

Previous studies tried to alleviate this limitation by more precisely focussing the current provided 
by each electrode (7, 8), or by deactivation of a subset of electrodes (8, 9, 10, 11). Studies using the 
deactivation of channels (“site-selection”) were motivated by the assumption that the selective 
stimulation with a subset of “good” electrode channels, as defined by direct or proxy measures of 
electrode-to-nerve distance, local neural health or spread of excitation, improves speech perception 
over using all or a subset of “bad” electrode channels. Studies using current focusing techniques (“site-
enhancement”) were motivated by the assumption that a more spatially-restricted neural excitation 
profile decreases channel interaction and therefore improves speech-in-noise perception. However, 
results were mixed with some studies reporting improvements in speech-in-noise perception at group 
level while others did not. Furthermore, methodologies and experimental designs differed between 
studies and there were additional limitations, for example the use of acute testing versus providing 
longer periods of acclimatization to the experimental settings, that made the interpretation of results 
and comparisons between studies difficult.  
                                                        
1 Tobias.Goehring@mrc-cbu.cam.ac.uk 
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The extent to which channel interactions affect speech-in-noise perception in CI users, and how 
strongly this relationship is affected by the contributions of individual electrode channels, remain 
unclear. It seems logical that the assumption of a potential improvement in speech-in-noise 
performance due to a decrease in channel interaction also applies for the opposite direction; that an 
increase in channel interaction will result in a deterioration of speech-in-noise performance. Here, we 
test this assumption and aim to quantify the degree of channel interaction necessary for impairing 
speech-in-noise performance in CI users. We speculate that the effects observed with the testing of 
this inverted assumption can provide information on the degree to which channel interaction alters 
speech-in-noise performance in CI users per se, and can further be used to estimate the amount of 
channel interaction at an individual level. We argue that these results will be useful to inform CI 
optimization strategies and can potentially help to interpret previous results. 

Here, we altered channel interaction in CI users by changing the spectral overlap between  either 
all or one-third of the electrode sites used for stimulation (“spectral blurring”) and measured effects 
on speech-in-noise perception. The main hypothesis was that increasing amounts of spectral blurring 
degrade speech-in-noise performance at group level. The second hypothesis under test was that there 
is a negative relationship between the effects of spectral blurring on speech-in-noise performance and 
spectro-temporal resolution at an individual level, such that CI listeners with a poorer spectro-
temporal acuity, as measured with the spectro-temporal test STRIPES (12), will be affected only by 
larger amounts of blurring and vice versa.  

2. METHODS 

2.1 Subjects 
Twelve post- and peri-lingually deafened, native speakers of British English took part. Half of 

them were female and their mean age was 67 years, with a range from 49 to 76 years. Subjects were 
unilaterally implanted users of an Advanced Bionics (“AB”; Valencia, CA, USA) HiRes 90KTM 
cochlear implant and had at least 3 years of experience with their device with a mean duration of 
implant use of 5.8 years. Only the implanted ear of each subject was used for the presentation of 
stimuli. If a subject was wearing a hearing aid in the other ear, then it was taken off during the 
experiment. Prior to the experiment, the most recent clinical MAP was obtained for each subject. 
Details about the demographic information and devices used by the subjects are given in Table 1.  

The study was approved by the National Research Ethics committee for the East of England. 
Subjects gave their informed consent and were paid for taking part and reimbursed for travel expenses. 

Table 1 – Subject demographics and devices 
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S1 AB3 M 72 11 36 HR90K Naida HiFocus 1J 

S2 AB1 M 74 10 41 HR90K Harmony HiFocus 1J 

S3 AB6 F 70 5 65 HR90K Naida HiFocus 1J 

S4 AB24 F 49 3 4 HR90K Advantage HiFocus MS 

S5 AB26 F 58 4 21 HR90K Advantage HiFocus MS 

S6 AB23 F 60 3 58 HR90K Advantage HiFocus MS 

S7 AB25 F 66 3 34 HR90K Advantage HiFocus MS 

S8 AB2 F 60 11 27 HR90K HiFocus 1J 

S9 AB20 M 73 3 40 HR90K Naida HiFocus MS 

S10 AB05 M 76 9 27 HR90K Harmony HiFocus 1J 

S11 AB19 M 75 3 - HR90K Naida HiFocus MS 

S12 AB09 M 73 5 - HR90K Naida HiFocus MS 
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2.2 Spectral blurring  
Interaction effects between adjacent electrode channels are supposedly the most limiting factor for 

speech-in-noise perception with CIs. We varied the amount of spectral blurring, as a means to alter 
channel interaction, by adjusting the spectral overlap between electrode channels in terms of the 
acoustic bandwidths of the input analysis filters. The Advanced Bionics (AB) CI speech processor 
makes use of a 16-band analysis filter bank with a frequency range from 238 up to 8054 Hz. The filter 
bank channels are constructed by combining sets of output bins obtained from an FFT analysis stage  
and do not normally overlap with adjacent channels in the standard clinical MAP. Using the standard 
clinical MAP for each subject as starting point, we generated a set of experimental MAPs per subject 
by changing the lower and upper cut-off frequencies of the individual filter bank channels (using 
BEPS+ software from AB), therefore de- or increasing the spectral overlap between adjacent channels. 
The center frequencies of the filter channels were kept constant between all MAPs, and only the 
bandwidth of each “blurred” channel was multiplied by a factor of 0.5, 2, 3, 4, 6 or 8. This led, for 
example in the case of a blurring factor of 8, to filter bandwidths that were 8-fold wider than in the 
standard clinical MAP. We compensated for the wider bandwidths of the filter channels by applying a 
correction gain to equate for loudness. Six different blurring factors were used to generate 12 
experimental MAPs in total. Half of those were generated by applying the spectral blurring to all 15 
active electrode channels (ALL) and half were generated by blurring 5-of-15 active electrode channels 
(5-of-15) that were distributed equally along the array (electrodes 2,5,8,11 and 14). In the following, 
the MAP similar to the clinical MAP is noted as “M1” and the experimental MAPs are noted as “M05, 
M2, M3, …”, for the ALL condition, and “M05b, M2b, M3b, …” for the 5-of-15 condition. It should 
be noted that electrode 16 was deactivated for all subjects in this experiment. Furthermore, the 
processing strategy was changed to HiRes-S for all subjects (comparable to continuous interleaved 
sampling, CIS, without any current steering or noise reduction functions active). 

2.3 Speech-in-noise test 
Speech-in-noise (SIN) performance was tested using sentence lists from the BKB corpus (13) 

spoken by a British male talker and mixed with time-reversed speech from the Harvard sentences 
spoken by a different British male talker. This background noise contained the highly-modulated 
characteristics of competing speech, as it occurs in realistic listening environments, but avoided 
informational masking with the use of an unintelligible masker (14). We used an adaptive one-up/one-
down procedure (15) to measure the speech reception threshold (SRT50) at which 50% of the 
sentences were understood correctly. The initial signal-to-noise ratio (SNR) was set to 4 dB SNR, and 
increased by 2 dB per trial, while repeating a randomly-drawn sentence from the list, until the subject 
recognized the three keywords. The adaptive procedure adjusted the SNR with a step size of 2 dB 
until all 15 sentences of that list had been presented. A trial was deemed correct if all three keywords 
were correctly repeated by the subject and the final SRT score for that run was calculated as the 
average of the last ten SNRs presented.  

2.4 Spectro-temporal test 
The Spectro-Temporal Ripple for Investigating Processor EffectivenesS (STRIPES, 12) test uses 

an adaptive procedure to measure the threshold at which the subject can just distinguish the target 
stimulus from two reference stimuli in a three-interval, two-alternative forced-choice task. Stimuli 
consisted of 1s-long, concurrent exponential sine sweeps moving up or down in frequency from 250 
to 8000 Hz. The subject had to select the target interval, which was either the first or last interval,  and 
which was always an upward sweep; the other two intervals contained downward sweeps. The number 
of concurrent frequency sweeps (the “density”) is varied to titrate difficulty, with the task being very 
easy at a density close to 1, and progressively harder at higher densities. The starting frequency w as 
roved across trials and the beginning and end of each interval was masked by short noise bursts to 
reduce the salience of onset and offset cues. An adaptive two-up/one-down procedure started with a 
sweep density of 1.1 (number of sweeps concurrently presented during each sweep) and adjusted the 
density per trial with a density step size of 0.5 (for the first 4 reversals) and 0.2 (for the last eig ht 
reversals). The test was complete after 12 reversals and the final score of the run was calculated as 
the average of the last four reversals. 
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2.5 Experimental procedure 
The experiment took place in a sound-attenuated testing room. The experiment was performed with 

a programmable Harmony CI speech processor (Advanced Bionics, US) that was worn by the subjects 
during the testing. Stimuli were generated in MATLAB (Mathworks, US) using a battery-powered 
laptop computer (Dell XPS15, Windows 10 Pro) that was connected via an external soundcard (Roland 
UA-55) and an audio cable to the auxiliary input of the CI speech processor. The presentation level 
was set for clean speech stimuli by adjusting the manual volume control of the soundcard to a 
“comfortable level” for each subject (level 6 on the loudness scale provided by Advanced Bionics). 
The SIN stimuli were calibrated to the same RMS level as the stimuli used to set the presentation level 
which was kept constant for all MAPs under test. In addition, subjects were asked during the testing 
if the presentation level was comfortable to them for each of the different MAPs and this was 
confirmed by all subjects and for all MAPs.    

The experiment was split into two 3-hour sessions per subject that were performed on two different 
days. In the first session, subjects completed the SIN test firstly with five MAPs (M05, M1, M2, M3, 
M4) in random order from the ALL condition and secondly with five MAPs (M05b, M1b, M2b, M3b, 
M4b) in random order from the 5-of-15 condition. For each MAP and before the SIN test, subjects 
were presented with one list (10 sentences) of a randomly chosen list from the Harvard sentences and 
were able to read along to acclimatize to that MAP. The SIN test was then performed twice per MAP 
and the average of the two runs was taken as the final SRT for that MAP. In the second session, 
subjects were tested with three MAPs (M4, M6, M8) in random order from the ALL conditions and 
then with three MAPs (M4b, M6b, M8b) in random order from the 5-of-15 condition. The same 
procedure as in the first session was followed. After the SIN testing was complete, subjects performed 
three runs of the STRIPES test with M1 and the average was taken as their final STRIPES score . 

3. RESULTS 

3.1 Speech-in-noise scores at group level 
Group average scores for the SIN test are shown in Fig. 1 for the ALL condition and the 5-of-15 

condition. We compared performance across conditions using one-way repeated-measures ANOVAs 
with the factor MAP. For the ALL condition, there was a significant main effect of MAP [F(6,66) = 
19.68, p < 0.001]. Pairwise comparisons with Bonferroni correction revealed significant differences 
between M8 and all other MAPs (p < 0.022) and there were two comparisons, M05 vs. M6 (p = 0.059) 
and M05 vs. M4 (p = 0.061), that just missed significance. For the 5-of-15 condition, there was no 
significant main effect of MAP [F(6,66) = 0.72, p = 0.634]. Average performance across MAPs was 
significantly better for the 5-of-15 condition than for the ALL condition as indicated by a paired t-test 
(t(6) = 4.04, p = 0.007), with a mean difference in SRT of 3.5 dB. 

 

 
 

Figure 1 – Group SRT scores for all MAPs for the conditions with all active electrodes blurred (ALL) and 

for one-third of the active electrodes blurred (5-of-15).  
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3.2 Speech-in-noise scores at subject level 
The individual SIN scores for the twelve subjects and all MAPs are shown in Fig. 2 for the ALL 

condition. A segmented linear regression with two segments was fitted using the “fit” function 
provided by MATLAB. The first segment was restricted to very small  slope values in the range [-0.1, 
0.1] and the second segment was restricted to positive slopes in the range [0, 20]. There were no 
further restrictions applied and the same settings were used for all subjects. The knee points of the 
two segments were considered as the threshold at which spectral blurring affected the speech-in-noise 
perception at subject level. Knee points varied markedly between subjects and ranged from a spectral 
blurring factor of 2 for S11 up to 8 for S2 (the maximum value possible), with the other subjects in 
between these extremes. Interestingly, subject S2 showed no detrimental effect of spectral blurring 
for any MAP, but all other subjects had knee points smaller than 7.  

There was a positive relationship between spectral blurring knee points and SIN performance with 
M1 across subjects (r = 0.62, df = 10, p = 0.032), meaning that subjects with better SIN performance 
(lower score) with a MAP that was most similar to their everyday setting were  more affected by 
spectral blurring (lower knee point) than subjects with worse SIN performance. Table 2 shows the 
performance scores with M1 for the SIN test and the spectral blurring knee points for all subjects.  

 

 
 

Figure 2 – Individual SIN scores for all twelve subjects and all MAPs in the ALL condition. The segmented 

linear regression is shown in red and the knee point between the two segments is indicated by a cross.  
 

3.3 Spectro-temporal test scores and relationship with spectral blurring 
The results from the spectro-temporal test STRIPES are also shown in Table 2 together with the 

SIN M1 scores and the spectral blurring knee points. STRIPES scores varied across subjects over a 
range of densities from 3.4 up to 7.6 with a mean score of 5. There was a significant negative 
relationship between spectral blurring knee points and STRIPES scores across subjects in the 
predicted direction (Spearman’s rho = -0.66, df = 10, p = 0.022; STRIPES scores were not normally 
distributed according to the Shapiro-Wilk test with W = 0.85, p = 0.036). Figure 3 shows this negative 
association and its linear regression. 
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Table 2 – Subject-wise spectral blurring knee points and their scores with M1 for SIN and STRIPES.   
 

Subject 
Spectral 
blurring 

knee point 

SIN  
with M1 

 (SRT dB) 

STRIPES  
with M1 
(density) 

S1 5.9 17.6 4.3 
S2 7.0 15.4 3.7 
S3 6.0 20.6 3.7 
S4 3.3 12.0 7.1 
S5 6.0 11.8 7.0 
S6 4.1 14.2 7.6 
S7 5.0 11.2 4.1 
S8 6.0 12.2 3.4 
S9 4.7 12.0 3.8 

S10 6.2 16.2 4.6 
S11 3.0 8.6 5.5 
S12 4.4 9.2 4.9 

 
 

 
 

Figure 3 – Association between spectral blurring knee points and STRIPES scores with M1 across subjects. 

 

4. DISCUSSION 
We evaluated the effect of spectral blurring on SIN performance in twelve CI users by adjusting 

the spectral overlap between electrode channels. In line with our main hypothesis, this led to an 
increase in SRTs with spectral blurring for the case when all electrode channels were blurred. This 
effect was strongest for the most extreme blurring condition M8 and statistical tests confirmed a 
significant difference to all other blurring conditions and to the map that was most similar to the 
subject’s clinical MAP.  

Surprisingly, there was no effect of spectral blurring on SIN performance for the case when one -
third of the electrodes were blurred, even for the most extreme case with M8b. This was unexpected 
in the light of previous research studies on site-specific optimization strategies in CI users, that were 
based on the rationale that individual electrode channels can be adjusted to alter SIN performance and, 
if done correctly, should lead to improvements. The absence of an effect of spectral blurring on SIN 
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performance in the 5-of-15 case may have been due to our choice to distribute the blurred channels 
evenly along the electrode array, thereby potentially reducing their impact over a more clustered 
selection. The blurred channels may have been compensated by “good” channels that were also evenly 
distributed along the array and subjects may have been able to ignore the relatively small number of 
“bad” channels. However, the choice to evenly distribute the blurred electrodes was based on previous 
site-selection studies that also avoided the deactivation of whole segments of the electrode array by 
using selection rules that rejected clustering. Also, the proportion of one-third of the electrodes was 
similar to previous studies as was the sample size and the evaluation procedure using acute testing.  

 We note that spectral blurring, as imposed here, simulated only some effects of the channel 
interactions that may arise from channels that produce broad current spread. Specifically, in the case 
of a subset of electrodes being affected, we simulated to some extent the loss of information conveyed 
by those channels, such as might occur due to neural degeneration in the auditory nerve and more 
centrally. However, we did not simulate the increased charge interactions that occur between an 
electrode that produces a broad current spread and the neighbouring channels.  Nevertheless, the 
results do show that severely degrading the information conveyed by one third of all available 
electrodes has no effect on performance, and this finding should be taken into account when designing 
site-selection strategies based on a small subset of distributed electrodes along the array. 

Across-subject performance differed markedly in the ALL condition with some subjects being more 
affected by spectral blurring than others. The knee points, as a measure of how much blurring was 
required to deteriorate SIN performance in a given subject, correlated with the SIN performance across 
subjects when using the MAP most similar to their clinical MAP. This association may have been due 
to an increased interference of the competing talker noise at lower SNRs than at higher SNRs, so that 
subjects who tolerated higher levels of noise would have been affected more by an increased overlap 
between filter channels than subjects who tolerated lower levels of noise. In general, this association 
is in line with the assumption that channel interaction affects SIN performance on an individual basis. 
A further advantage of measuring the knee point is that it allows one to distinguish between the effects 
of spectral resolution and of more central cognitive factors, both of which can affect speech perception 
and which are hard to disentangle when measuring performance with a single amount of (or no) 
blurring. 

The STRIPES test was performed to measure spectro-temporal acuity for the twelve CI subjects to 
explore the second hypothesis under test: subjects with high acuity, as indicated by their STRIPES 
scores, would be affected more by spectral blurring than subjects with low acuity. A significant 
correlation was indeed found. This suggested that the STRIPES test may effectively measure spectral 
resolution in a way that is relevant for the perception of speech.  

5. CONCLUSIONS 
We demonstrated a main effect of spectral blurring on SIN performance in CI subjects for the case 

when all electrodes were blurred but, surprisingly, not for even extreme amounts of blurring when 5 
out of 15 electrodes were blurred. This demonstrates a strong resilience of CI users to spectro-temporal 
signal distortions and raises the question how much benefit can be obtained by strategies that optimize 
only a subset of electrodes that are evenly-spaced along the array. There was a positive relationship 
between the effect of spectral blurring on SIN performance and the performance with the clinical-like 
MAP across subjects, with better-performing subjects being affected by lower amounts of spectral 
blurring and vice versa. We also observed the predicted negative relationship between the STRIPES 
scores and the effect of spectral blurring on SIN performance across subjects, with more degradation 
in SIN performance for subjects with better spectro-temporal acuity. These associations support the 
assumption that channel interaction in terms of spectral overlap is one of the main factors responsible 
for both limited spectro-temporal acuity and SIN performance in CI users. These findings should be 
taken into account for the design and evaluation site-specific optimization strategies in CIs.  
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ABSTRACT 
Binaural sound coding strategies can improve speech intelligibility for cochlear implant (CI) users. Bilateral 
cochlear implant (BiCI) users do not benefit as much as NH listeners from binaural hearing. We hypothesize 
that these limitations arise from the fact that implants do not provide the electrical stimulus at the same time 
(i.e. synchronized electrical stimulation), but also, when using N-of-M type sound coding strategies, the 
selected bands used to stimulate in each of the sides will in general differ, limiting the access to binaural cues.  

In the first part of this work, we investigate the effect of bilaterally synchronized electrical stimulation 
on BiCI users in speech perception tasks in a better-signal-to-noise-ratio ear (better-SNR ear) listening 
scenario [1]. We also propose a Binaural N-of-M (BINOM) sound coding strategy to improve the SNR of the 
masked ear. The effect of synchronous bilateral stimulation and BINOM is assessed by means of 
speech-in-noise intelligibility tests. Furthermore, the effect of adding a worse- SNR side is measured by also 
performing monaural speech in- noise intelligibility tests with each listening side. Finally, speech 
performance is assessed by selecting the bands that would be selected if no noise was present (ideal band 
selection). The outcome of this work shows that in a better-SNR binaural listening scenario, bilaterally 
synchronized stimulation besides the sharing of band selection information provided by the favorable hearing 
side with the contralateral ear leads to an improvement in speech intelligibility in BiCI users. 

In the second part of this work we investigate an audio compression algorithm to transmit the signals 
from one processor to another as binaural sound coding strategies require a signal transmission between the 
two CIs [2]. As power consumption needs to be low in CIs, efficient coding of the signals is necessary. In this 
work it is proposed to code the excitation patterns (EP) of the CI instead of the audio signals captured by the 
microphones. For this purpose, a differential pulse code modulation codec with zero algorithmic delay to 
code the EP of the BINOM sound coding strategy is presented. The EP codec was compared to standardized 
speech codecs using the SNR as well as speech intelligibility and quality measures in bilateral CI users.  
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ABSTRACT 
Binaural hearing benefits with bilateral cochlear implants (CI) are usually smaller than with normal hearing 
(NH) in the same tasks. This gap in performance has typically been attributed to a lack of coordinated 
stimulation between ears and the high stimulation rates used in clinical processors. These factors hinder 
sensitivity to interaural timing differences (ITDs); an important binaural cue for NH listeners. The Temporal 
Limits Encoder (TLE) strategy was originally designed to encode unilateral low-frequency temporal fine 
structure pitch cues into the signal envelope of CIs. However, TLE also lowers the stimulation rate on some 
channels which may potentially provide useable ITD cues. Here, we measured spatial release from masking 
(SRM) in bilateral CI users listening to TLE vs Advanced Combinational Encoder (ACE) strategy to 
determine if TLE provides a benefit. The CCiMobile research platform was used for testing. Results from 
eight listeners showed comparable word recognition performance in quiet and co-located conditions for TLE 
and ACE, even with a short acclimatization period with TLE. In the spatially-separated condition, 
performance across the group was more similar with TLE than ACE, and more listeners showed SRM. These 
results indicate that TLE has the potential for improving binaural hearing benefits for CI users.   
 
Keywords: Cochlear Implants, Sound Coding, Spatial Release from Masking 

1. INTRODUCTION 
Cochlear implants (CIs) have been largely successful in restoring speech understanding in patients 

who are profoundly deaf in both ears, especially in quiet situations (1,2). However, in noisy situations, 
the ability to understand speech with one CI is very poor (1), and bilateral cochlear implantation is fast 
becoming the standard of care (3). While speech understanding in noise has been shown to improve 
with bilateral CIs (4), the benefits of having two ears for listening are still much smaller than that of 
normal hearing (NH) listeners (5,6). To assess the benefits of bilateral hearing on speech 
understanding in noise with devices such as CIs or hearing aids, spatial release from masking (SRM) is 
often measured (e.g., 4,7). SRM is defined as the difference in signal-to-noise (SNR) needed to 
understand speech in noise due to the spatial separation of a target signal from masking interferers. 
The benefit of spatial separation is a combination of monaural and binaural effects, namely head 
shadow, squelch and summation (6). Head shadow is largely a monaural effect and arises because the 
head acts as an acoustic shadow to improve the SNR in one ear. Squelch and summation are binaural 
effects; squelch is dependent on the auditory systems ability to utilize binaural cues such as interaural 
time and level differences (ITD and ILD, respectively), and summation is the benefit of having access 
to two signals that can be combined to enhance the audibility of a target signal in front of the listener.   

For CI users, the benefits of bilateral CIs have largely been due to the monaural head shadow effect 
and the binaural effects of squelch and summation have been much smaller than that of NH listeners 
(5). Smaller binaural benefits in bilateral CI users have largely been attributed to the lack of access to 
ITDs because of the way sound is encoded by CI sound coding strategies (6). CIs encode an incoming 
acoustic signal by filtering it into a small number (between 12 and 24 depending on manufacturer) of 
bandlimited channels. The signal in each bandlimited channel can be decomposed into a slow-varying 
envelope and a faster temporal fine structure (TFS). In CIs, only the envelope is used to 
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amplitude-modulate a high rate electrical pulse train (≥900 pulses per second) while the TFS is often 
discarded. At the low frequencies, the TFS provides important cues used by NH listeners for sound 
localization (8,9).  

Attempts to improve speech-in-noise understanding for bilateral CIs have focused on developing 
sound coding strategies that encode TFS (10–12). To encode TFS, the pulse rate of low frequency 
channels is usually reduced and firing of electrical pulses are timed to certain features of the acoustic 
TFS, such as the signal peak or zero crossing. The reduction in pulse rate at these channels is thought 
to be necessary because psychophysical studies have shown the ITD sensitivity is better at rates around 
100 pulses per second (13,14). However, these approaches have only led to small improvement in 
binaural benefits (15). 

Recently, the temporal limits encoder (TLE) strategy was proposed to try to enhance TFS pitch cues 
in CIs (16,17). The TLE strategy is different to other TFS-encoding strategy in that it does not 
explicitly lower the stimulation rate, nor does it rely on encoding a “feature” of the TFS such as a peak 
or zero crossing. Instead, the TLE strategy transposes each bandlimited channel to an intermediate, 
lower frequency range (e.g., 150-350 Hz) which is within the range of good temporal sensitivity for 
both pitch and ITD. The transposed signal maintains the overall envelope but also introduces a slower 
modulation that is related to the TFS into the signal envelope. Experiments in NH listeners listening to 
CI vocoder simulations of the TLE strategy has shown some advantages in pitch and unilateral 
speech-in-noise tasks (16,17). Further, TLE provided a ~4 dB spatial unmasking benefits in NH 
listeners in a task measuring binaural intelligibility level differences  (18). In this work, we measured 
SRM in bilateral CI users when listening with the TLE strategy vs the Advanced Combinational 
Encoder (ACE) strategy.  

2. METHODS 

2.1 Listeners 
Eight (7 females and 1 male), postlingually-deafened bilateral CI users with Cochlear Ltd implants 

were tested. All listeners used ACE as their everyday sound coding strategy. Listeners were between 
the ages of 51 and 78 (Mean age: 62 years old) and had at least 7 years of bilateral CI experience. All 
listeners had prior experience with psychophysical testing and had measurable ITD sensitivity when 
measured with direct electrical stimulation at low pulse rates (100 pulses per second). Listeners were 
tested at the University of Wisconsin-Madison and were paid a daily stipend for their time. 
Experimental procedures conformed to the regulations set by the National Institutes of Health and 
were approved by the University of Wisconsin-Madison’s Health Science Institutional Review Board. 

2.2 Strategy Implementation 
Testing was conducted using the CCiMobile research platform (19) connected to a Windows 

Surface Pro. The CCiMobile is the second generation of a bilaterally-synchronized, real-time research 
platform developed by UT-Dallas for Cochlear Ltd internal devices. A description of the hardware can 
be found in (19). A real-time implementation of ACE written in MATLAB is provided by UT-Dallas 
(20). We adapted the MATLAB code to implement the TLE strategy for this experiment, as well as 
creating a new user interface that allows us to easily switch between strategies.  

Figure 1 shows the signal block diagram. The same processing is applied to the right and left ears. 
The CCiMobile samples the incoming audio at a 16 kHz rate and buffers the audio for 8 ms before 
passing to MATLAB. Overlap-add processing is applied in 128-point sample frames and frames are 
shifted according to the stimulation rate set by the patients clinical MAP (usually 900 pulse per second, 
two listeners had 1200). A 128-point Fast Fourier Transform (FFT) is applied to each frame. The FFT 
bins are then combined into 22 channels according to the frequency allocation set in the patient MAP. 
For ACE, the N highest maxima are chosen from the 22 channels in each ear, where N is set by the 
patient MAP. All listeners had N=8 except one who had N=10. The N maxima were then compressed to 
fit into the patient’s dynamic range and added to the stimulation buffer. Once 8 ms worth of pulses had 
been processed, the stimulation buffer was then passed to the CCiMobile.   

For TLE, a frequency transposition step is added prior to peak-picking. Frequency transposition is 
achieved in the FFT domain by multiplying the FFT bins within the range of 300 to 1500 Hz by 
ejπ(N-1-2ft), where N is the index of the FFT frequency bin, t is the time index, and f is the 
down-modulator frequency. In this experiment, f was set to the lower frequency cutoff of the channel 
minus 150 Hz. The down-modulated FFT bins are then combined into 22 channels the same way as that 
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of ACE.  
The output of the two strategies are shown in Figure 2 for the word “Jane” which has been filtered 

by a head-related transfer function corresponding to a source 90° to the right-hand side. It can be seen 
that stimulation on the lower frequency channels of the TLE strategy are sparser but the overall signal 
envelope is maintained. Further, there is an ITD introduced into the lower frequency channels in the 
TLE strategy (lower panels of Figure 2).   

 

Figure 1 – Signal block diagram of ACE and TLE strategies 
 

 
Figure 2 – Electrodogram of the word “Jane” spoken by a source located on the right-hand side. Each blue 

and red line represents an electrical pulse in the left and right ear, respectively. Upper panels show the entire 

electrodogram, while lower panels show a magnified portion of the stimulation on electrodes #21 and #22 

(low-frequency electrodes). 
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2.3 Testing Procedure 
Experiments were conducted in a single-walled soundproof booth. The booth had sound absorbing 

foam attached to the inside walls to reduce reflections. Inside the booth was a semi-circular array of 
loudspeakers (Cambridge SoundWorks). The loudspeakers used in this experiment were at 0° (front), 
-90° (left) and +90° (right) on the horizontal plane. The listener sat in the middle of the array and was 
1.2 m from the loudspeakers.  

For the experiment, the listener’s task was to identify the word presented from the loudspeaker in 
front of the listener. A choice of 50 words were shown on a touchscreen in front of the listener. The 
listener indicated their response by choosing the button corresponding to the word they heard.  

Three conditions were tested: (1) word recognition in quiet; (2) co-located target talker and 
interferers – in this condition, both target and interferers were presented from the 0° loudspeaker; (3) 
spatially-separated target talker and interferers – in this condition, the target talker was presented from 
0°, and an interferer was presented from each of the left and right loudspeakers.  

The target talker was a male voice speaking a mono-syllable word, while the interferer was a female 
voice speaking sentences. In the quiet condition, words were presented at a fixed level of 60 dBA, and 
listeners was tested on 50 words divided into two blocks of 25 words each. In each block of trials, the 
choice of words shown on the screen was different. In the conditions with interferers, the interferer 
was presented at a fixed level of 50 dBA and always started/ended 250 ms before/after the target word. 
The presentation level of the target word was changed on each trial using a two -down, one-up adaptive 
staircase with twelve turnarounds. The staircase started at a +5 dB SNR and moved in 3 dB steps for 
the first three turnarounds. For the remaining turnarounds, the SNR changed in 2 dB steps.  

Prior to testing, listeners were given at least 1 hour of practice listening with the TLE strategy. 
During this time, the CI user wore the CCiMobile device and engaged in conversation with the first 
author. No listener reported having difficulty with understanding the conversation when listening with  
the TLE strategy, though all listeners reported a noticeable difference in voice quality (lower pitch). 
After the 1 hour of practice, listeners would report that the first authors voice sounded more “normal”, 
though there was still a noticeable difference in their own voice.  

Word recognition in quiet was tested first and always began with the TLE strategy followed by the 
ACE strategy. Once testing of word recognition in quiet was complete, listeners were tested in the 
conditions with interferers. The order of spatial configuration and strategy was randomized for each 
listener, and two adaptive tracks were collected for each strategy/spatial configuration combination.   

3. RESULTS 
Percent correct word recognition in quiet is shown in Figure 3. On average, word recognition was 

quite comparable between the two strategies (86.5% vs 90.25% correct when listening with the TLE 
and ACE strategies, respectively). A paired t-test conducted on the percent correct scores revealed no 
significant difference between the two strategies (t(7)=1.46, p=0.19).   

 

 

Figure 3 – Word recognition in quiet 
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For the word recognition in noise conditions, a 70.7%-correct speech reception threshold (SRT) 
was obtained for each condition using a Bayesian estimation of the psychometric function (21). Figure 
4 shows the SRTs obtained in each condition for the two strategies. Substantial inter-subject 
differences can be observed. Given the resolution of the adaptive track is 2 dB, then in the co-located 
condition, four listeners (S1, S6, S7, S8) had SRTs that were similar between the two strategies, two 
had TLE SRTs that were more than 2 dB lower than ACE (S3, S4), and the remaining two had TLE 
SRTs that were more than 2 dB higher than ACE (S2, S5). In the spatially-separated condition, four 
listeners had TLE SRTs that were more than 2 dB lower than ACE (S1, S4, S6, S7), three had TLE 
SRTs that were more than 2 dB higher than ACE (S2, S3, S5), and one listener had SRTs that were 
within 2 dB (S8). As a group, mean SRTs in the co-located condition were 9.49 dB and 8.65 dB for TLE 
and ACE, respectively. Mean SRTs in the separated condition were 5.75 dB and 6.18 dB for TLE and 
ACE, respectively. Two-way, repeated-measures analysis of variance revealed a significant effect of 
spatial configuration (F(1)=8.417, p=0.02) but not strategy (F(1)=0.026, p=0.88). 

SRM computed from the SRTs of the co-located and separated conditions are shown in Figure 5. 
Five listeners obtained an SRM greater than 2 dB when using the TLE strategy vs three listeners for 
ACE. One listener found it more difficult to listen with the TLE strategy when target and interferers 
were spatially separated. On average, SRM was 3.74 dB and 2.47 dB for TLE and ACE, respectively.  

 

 
Figure 4 – Speech reception thresholds for the TLE and ACE strategies when tested with target-interferers 

co-located and spatially-separated. 

4. DISCUSSION 
This work evaluated whether the TLE strategy could provide a binaural benefit for  CI users when 

trying to recognize words in a noisy environment. The TLE strategy was implemented on the 
CCiMobile research platform which allowed real-time live testing of the strategy. Informal comments 
obtained from listeners indicated that the TLE strategy was perceptually different to ACE and lowered 
the pitch of voices. This was somewhat to be expected given that the original goal of TLE was to 
convey pitch cues more saliently by reduction of stimulation rate. Prior psychoacoustic work has 
shown that rate of stimulation is able to convey a pitch cues (22,23). Most listeners reported that after 
an hour of listening with the TLE strategy, voices began sounding more “normal”, suggesting that 
given a longer duration of acclimatization, TLE can be an acceptable listening strategy. Formal testing 
of word recognition in quiet found no significant difference between TLE and ACE. This is a strong 
positive because it shows that TLE can maintain important speech envelope cues despite the lowered 
stimulation rate.   
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Figure 5 – Spatial release from masking for each listener when listening with the TLE and ACE strategies. 

 
When listening in noise, TLE appears to provide reduced the variability in performance across 

bilateral CI listeners compared to ACE when target and interferers were spatially separated (see Figure 
4). In addition, more listeners were able to benefit from SRM when listening with TLE compared to 
ACE. These are promising results and demonstrates a potential benefit of the TLE strategy for 
enabling the binaural benefits of spatial unmasking in bilateral CI users. More work is needed to 
understand the impact of choice of TLE parameters; in particular, the down -modulator bandwidth. 
Also, it is likely that if listeners were given a longer period of listening with TLE, a more consistent 
benefit across the group may emerge. 

5. CONCLUSIONS 
The TLE strategy was evaluated for the first time in CI users. Results showed that TLE can 

maintain speech understanding performance that is comparable to the ACE strategy and has the 
potential to provide a binaural benefit for speech understanding in noisy environments in a greater 
number of bilateral CI users.   
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Abstract
Under optimal hearing conditions the normal-hearing auditory system can perceive interaural time differences
(ITD) as little as 10 µs. Due to physiological limitations, the largest occurring ITD is about 700 µs. Differences
in processing latencies of digital hearing aids (HA) and cochlear implants (CI) can be as high as 9 ms in bimodal
users. These differences result in an interaural stimulation timing mismatch that superimposes physiologically
occurring ITDs. This interaural stimulation timing mismatch could account for the reduced sound localization
performance in bimodal users, which has been reported by other authors. To investigate this hypothesis, we
conducted localization tests in bimodal CI/HA users with and without a compendsated stimulation timing mis-
match. For this, we delayed the CI stimulation according to the individual HA processing latency by a portable,
programmable delay line based on a microcontroller. First, an initial sound localization test without compen-
sation was conducted. Then, the delay line was activated. After a familiarization period to the delay line the
test was repeated. The results show a highly significant improvement of the localization ability in the horizontal
plane after compensation.
Keywords: Localization, bimodal stimulation, stimulation timing
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1 INTRODUCTION
In bimodal users of Cochlear Implants (CI) and hearing aids (HA) the processing delays between both devices
are currently not synchronized. In a previous study it could be shown, that the processing delay of MED-EL CI
systems τCI is relatively similar to the physiological delay in normal hearing ears. In contrast, the processing
delay of HA τHA is mostly frequency independent and several milliseconds large. Because HA processing is
done in front of the physiological processing in the ear, a device delay mismatch in the order of τHA occurs in
bimodal MED-EL CI/HA users [1]. The measured values of τHA are in accordance with other studies reporting
HA processing delays between 3 and 11 ms [2]. For the identification of syllables Stone & Moore have shown
that delays below 15 ms are relatively uncritical [3], this robustness can not be assumed for other mechanisms
of binaural hearing. Especially in sound localization, experimental results suggest that bimodal users perform
poorer than e.g. bilateral HA users or bilateral CI users [4]. A reason for this could be the device delay
mismatch between CI and HA, since the normal hearing auditory system uses interaural time differences (ITD)
in the temporal fine structure (TFS) and in the amplitude envelope (ENV) for sound localization. These cues,
already diminished by the signal processing of the CI, are likely to be further deteriorated by the superimposed
temporal asymmetry between both devices. Even though the auditory system can compensate for static timing
asymmetries to some extent, as shown by Trapeau and Schönwiesner [5], plasticity of the auditory system
towards asymmetries in the order of several milliseconds has not been investigated. The hypothesis of this study
is, that sound localization accuracy of bimodal users will increase, if the device delay mismatch is reduced.

2 METHODS
2.1 Test subjects
Nine adult bimodal test subjects participated in the localization experiments (age: 51.8 ± 13.0 years). The
subjects had mild to severe sensorineural or combined hearing loss on the ear provided with the HA and no
measurable residual acoustic hearing on the ear provided with the CI. The criteria for inclusion in the localiza-
tion tests were the following:

1. everyday combined CI and HA use

2. a minimum 50% correct score on the Freiburg monosyllabic test at 65 dB SPL on CI and HA

The work described was conducted in accordance with the Declaration of Helsinki. The approval by the ethics
committee of the University of Freiburg was obtained before testing (89/17). Informed consent was obtained by
all participants.

2.2 Delay line
To partly compensate for the timing asymmetry between CI and HA stimulation timing, a programmable,
portable delay line (DL) was designed based on a microprocessor plattform(Ardunio DUE). With this DL the
input to the CI was delayed according to the HA processing latency τHA measured with the ACAM 5 HA
analyzer (Acousticon GmbH, Reinheim, Germany). The delay was realized by implementing a circular buffer
on the microprocessor which allowed to delay the incoming signals by integer multiples of the sampling time
T . With a sampling rate of Fs = 48 kHz, T is 20.8 µs. Since the analog-digital converters and digital-analog
converters also need additional clock cycles for their conversions an offset of 50 µs has to be added to the
programmed delay. The complete setup for delaying the input to the CI consisted of four components. At
first the acoustic signal was captured by an OPUS2 CI audio processor from MED-EL (Innsbruck, Austria)
without additional signal processing and therefore no additional delay. The audio processor was connected to a
microphone tester, usually used to test the microphones of the audio processors by CI fitting specialists. This
microphone tester is an analog amplifier which introduces no remarkable delay to the processing chain. The
output of the microphone tester was connected to the DL where the signal was delayed according to the pro-
grammed delay. The DL output was fed into the auxiliary input of a second OPUS2 audio processor with the
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internal microphones deactivated to avoid non delayed input. This second, silent OPUS2 was programmed with
the subjects everyday programming. For subjects HA, settings were not changed. A schematic of the processing
chain can be seen in figure 1.

Figure 1. Schematic setup for delaying CI stimulation

2.3 Stimuli and Test environment
The subjects were seated in an audiometric booth with seven loudspeakers (Genelec 8030A) arranged in the
frontal horizontal hemisphere between -90° and 90° at intervals of 30° with a distance of 1 m from the subjects
and at the height of the subjects ears. The speakers were labeled with numbers 1 to 7 according to 2.

Figure 2. Loudspeaker arrangement for localization tests

The stimuli consisted of 200 ms bursts of white noise bandpass filtered between 125 and 6000 Hz with eight-
pole butterworth filters and on- and offset ramps of 20 ms as described by [6]. The stimuli were presented
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at a level of 65 dB(A). The subjects were instructed to center their head on loudspeaker number 4 and to
refrain from head movements throughout testing. Subjects entered their response to the stimuli with a wireless
bluetooth keypad containing the numbers corresponding to the speaker numbers.

2.4 Experimental procedures
Each subject underwent two localization tests, each consisting of 140 stimulus presentations resulting in 20
presentations per speaker per test. The first localization test was conducted with the DLs delay set to 0 ms.
Although this test could have been conducted without the DL, it was applied to ensure similar testing conditions
between tests. As described above a programmed delay of 0 ms still includes the DLs processing delay of 50
µs, which is further seen as negligible. After finishing the first test the DL was programmed to the subject
specific τHA. To allow some familiarization to the change in stimulation timing, the subjects were instructed to
go for a walk outside the lab for 45 minutes while paying attention to the perceived everyday sound sources
(e.g. traffic or conversations). After this period the subjects returned to the lab and were presented with a 15
minute segment of TV news from the night before so that similar training for all subjects could be ensured.
After this familiarization period with a total duration of one hour, the second localization test was conducted.

2.5 Data analysis
Root mean square (rms) errors were calculated by the formula proposed by Rakerd and Hartmann [7].

D = A

√
1
M

M

∑
i=1

(ri − k)2 (1)

In equation 1, A is the angle between loudspeakers (i.e. 30°) and M is the total number of stimuli presented.
The parameter ri corresponds to the response in terms of a speaker number and k is the target speaker, also in
terms of the respective speaker number. Rms errors were calculated for every loudspeaker to further investigate
the effect of a compensation of timing mismatch. For this purpose equation 1 was used with a fixed k for every
loudspeaker over a total of 20 presentation per speaker. Before the analysis, the data was normalized so that
the side, where the subjects used their CI was always the left side (i.e. -90°) for better comparability. Because
of the small number of data points per subject and speaker no statistic tests were applied.

3 RESULTS
The results for rms errors across all seven speakers show a highly significant improvement in localization ability
after activation of the delay line. Details can be found in [8]. In Figure 3 the rms errors for every loudspeaker
are shown as boxplots without active use of the DL (blue) and after using the DL for an hour (green). The
red lines represent the median and the lower and upper edges of the boxes represent the first and third quartile.
The r axis corresponds to the rms error and the θ axis is the respective loudspeaker position.
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Figure 3. Speaker dependent rms error [°] before and after application of DL (CI always at -90°)

The median rms error for all loudspeakers except for -60° and -90° show an improvement in localization accu-
racy after employment of the DL, with the biggest improvement of about 30° being at 90°. Further there is a
decrease of the interquartile range in almost all of the loudspeakers where localization improved with application
of the DL.
For the loudspeaker at the CI side (thus at -90°) of the bimodal listeners a decrease in localization accuracy
after application of the DL can be seen. This is hypothesized to be due to the impact of the delayed CI
stimulation in contrast with the subjects everyday condition without the applied delay. Longer familiarization
periods could possibly reduce this negative effect.

4 CONCLUSIONS
In this refinement of the previously published data [8] it could be shown that analysis of localization ability
on a finer scale yields a better understanding of the improvement in localization ability through a compensation
of a device delay mismatch in bimodal listeners. The results also reinforce the conclusion that an temporal
alignment of processing delays is mostly beneficial to bimodal users. To investigate the reasons for the decrease
in localization accuracy at some loudspeaker positions further research needs to be conducted with longer fa-
miliarization periods applied. Further investigations on the influence of asymmetric processing delays on other
binaural mechanisms like spatial release from masking could reinforce the hypothesis that temporal synchro-
nization between CI and HA may be necessary for optimal treatment.
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ABSTRACT 

Binaural hearing is important for listening in and navigating everyday acoustic environments. Unilateral 

deafness during development drives extensive reorganization in bilateral auditory pathways, limiting spatial 

hearing and putting children at risk for social and educational challenges. In an effort to reduce these listening 

challenges and support bilateral development, implantation criteria are expanding to provide children who 

have asymmetric hearing loss a cochlear implant for the deaf ear and a hearing aid to the other ear when 

needed, known as bimodal hearing. Our work has assessed hearing development in bimodal users through 

evoked potentials and behavioural measures of spatial hearing and speech perception. This talk will discuss 

how bimodal hearing can promote symmetric bilateral development but faces limitations for preventing or 

reversing asymmetry-driven reorganization when implantation is delayed or residual hearing is insufficient. 

Challenges still faced by children who hear bimodally will also be discussed. 

 

Keywords: Cochlear implant, Development, Outcomes 

1. INTRODUCTION 

Children spend much of their time in complex acoustic environments, in which they need to be able 

to hear where different sounds are coming from and pick out different voices in order to listen. These 

environments can be challenging, with multiple competing sounds. To localize sound and listen in 

noise, the auditory system compares the timing and level differences of sound reaching the two ears, 

called binaural hearing (1). However, if children have a deficit in one or both ears, these cues are 

distorted, and spatial hearing is compromised. Not only do issues with spatial hearing make listening 

in noise harder, but they put children at risk of challenges to language acquisition, socialization and 

academic progress (2–5). Indeed, periods of unilateral hearing during key developmental periods drive 

reorganization of bilateral auditory pathways through strengthening of pathways from the hearing ear 

and relative weakening of pathways from the deaf ear (6–9). These neurophysiological changes create 

a system that remains preferential to information from the only/better hearing ear, called “aural 

preference”, that distorts and disrupts binaural representation of sound and compromises binaural 

hearing (10). Therefore, it is important to consider the binaural system when deciding on treatment of 

hearing loss. Consequently, it is now recommended to provide children with bilateral hearing as early 

as possible with the most appropriate device(s) for the hearing loss in each ear  (10). 

Both cochlear implants (CI) and hearing aids are auditory prostheses that restore access to sound 

for children with hearing loss. Some children benefit from a hearing aid if their residual hearing is 

sufficient, but when the hearing loss is too severe a cochlear implant can electrically stimulate the 

auditory nerve to provide sensation of sound. In line with the recommendation to provide bilateral 

devices early, it has become standard practice at many centres around the world to give two cochlear 

implants to children who are bilaterally deaf. If both cochlear implants are provided early and with 

short to no delay between surgeries, then symmetric cortical development occurs (8). Otherwise, if 

children experience unilateral stimulation with one cochlear implant for more than two years before 

they receive a second implant, unilaterally driven aural preference develops and persists despite years 

of subsequent bilateral implant use. As candidacy criteria are expanding to include children who have 

asymmetric hearing with residual hearing in the better ear, bilateral hearing is provided through 

bimodal hearing – electrical hearing with a cochlear implant to the deaf ear and acoustic hearing with 

a hearing aid in the better hearing ear with residual hearing.  
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2. HEARING DEVELOPMENT IN CHILDREN WITH BIMODAL HEARING 

We assessed hearing development in bimodal users by measuring changes in the brainstem and 

cortex, as well as measuring how children hear speech and important differences in sound between 

their ears. Here we quickly review the benefits and challenges of bimodal hearing for promoting 

bilateral auditory development in children. 

2.1 Benefits of bimodal hearing 

Electrical and acoustic hearing are unique and stimulate the auditory system in different ways . 

Despite this, bimodal hearing promoted symmetric development of the bilateral auditory pathways for 

children who had sufficient residual hearing and received an implant with limited delay.  These 

children with residual hearing exhibited symmetric neural conduction in bilateral brainstem pathways, 

as measured by similar wave III-V interwave intervals on each side (11). In the auditory cortices, 

expected contralateral representation of each ear rapidly developed within six to ten months of implant 

use (12,13) and consistently maintained this expected organization after two years of bimodal hearing 

experience (14). Moreover, most children experienced a bilateral advantage for speech perception over 

wearing either device alone (15), benefited from spatial hearing (15) and could detect changes in 

binaural inter-aural level cues (11). These findings suggest that the auditory system can use different 

modalities for bilateral hearing. 

2.2 Challenges of bimodal hearing 

However, there are limitations to the ability of bimodal hearing to promote symmetric bilateral 

auditory development. Various degrees of asymmetric hearing loss drove reorganization within the 

auditory system that resulted in an aural preference for the better hearing ear (12–14). This indicates 

that the developing auditory system is sensitive to imbalances in excitation and inhibition coming from 

each ear. Remarkably, asymmetrically driven reorganization followed a similar time course as 

unilaterally driven reorganization (14). These changes could be reversed if a cochlear implant was 

provided quickly (12), but longer delays to implantation coupled with poorer hearing in the worse 

hearing ear limited neuroplastic changes upon implantation (13). Furthermore, longer periods with 

greater degrees of asymmetric hearing limited the advantage afforded by wearing both the cochlear 

implant and the hearing aid over listening with the better ear alone (15). Children with bimodal hearing 

may experience further challenges for binaural hearing due to the large timing differences in delivery 

of electro-acoustic stimulation to the auditory system (11,16) and the independent processing 

strategies employed in their two separate devices (17). These issues may distort binaural timing and 

level cues that are important for spatial hearing and listening in noise, and may further contribute to 

challenges faced by children listening through bimodal devices. 

3. CONCLUSIONS 

For children with sufficient residual hearing in their better hearing ear, bimodal hearing promotes 

cortical development and benefits speech perception and spatial hearing. However, prolonged 

experience with asymmetric hearing while waiting for a cochlear implant extensively reorganizes the 

auditory system, limiting future efforts to restore bilateral and spatial hearing with bimodal devices. 

These findings testify to the remarkable ability of the auditory system to use whatever input it receives 

to help process and interpret the sounds occurring in daily life. Future advances in device 

programming may help overcome peripheral and processing challenges exper ienced by bimodal users, 

which may in turn improve their binaural hearing abilities. 
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ABSTRACT 
Speech sounds evoke unique neural activity patterns in the primary auditory cortex (A1) of rats. Like humans, 
rats can easily learn to discriminate between speech sounds. Behavioral discrimination accuracy can be 
predicted by the neural similarity of the A1 response pattern to pairs of speech sounds. For example, pairs of 
sounds that evoke very similar A1 activity patterns are difficult for rats to discriminate, while pairs of sounds 
that evoke very distinct A1 activity patterns are easy for rats to discriminate. Rat models of autism exhibit 
many of the classic neural and behavioral deficits observed in individuals with autism. Extensive speech 
discrimination training alters auditory cortex responses in both experimentally naïve rats and in rat models of 
autism. However, in some autism models, training alone is insufficient to reverse neural processing deficits. 
Vagus nerve stimulation (VNS) triggers rapid, phasic release of plasticity promoting neuromodulators, which 
enhances plasticity in the auditory network when delivered with sound presentation. For example, pairing the 
sounds ‘rad’ and ‘lad’ with VNS increases the A1 response strength to the paired sounds. Ongoing work 
involves pairing VNS with auditory training in rat models of autism to improve both sound discrimination 
ability and the neural processing of sounds. 
 
Keywords: Auditory processing, Vagal nerve stimulation, Autism 

1. THE NEURAL AND BEHAVIORAL PROCESSING OF SPEECH SOUNDS IN 
RODENTS 

1.1 Behavioral discrimination of speech sounds  
Like humans, rodents can easily learn to discriminate between speech sounds (1–4). For example, 

in one of the most well-known studies of animals discriminating human speech sounds, chinchillas 
were successfully trained to categorize the consonant /d/ from the consonant /t/ in multiple talker and 
vowel contexts (1). Since then, numerous animals have been shown to accurately categorize these 
sounds. Gerbils were trained to categorize speech sounds into vowel, liquid, or stop consonant 
categories (5). Rats were able to use differences in the rise time cue in order to discriminate between 
the affricate ‘ch’ and the fricative ‘sh’ (6). In fact, rats are able to discriminate between most English 
consonant and vowel sounds (3,4,7,8). While consonants that are acoustically distinct, such as /d/ and 
/s/, are easy for rats to discriminate, as consonants become more acoustically similar, discrimination 
accuracy decreases. Rats have difficulty successfully discriminating between the consonants /r/ and /l/, 
as well as between the consonants /m/ and /n/ (Figure 1).  

Also like humans, rats can discriminate speech sounds in a variety of difficult listening conditions. 
Rats can discriminate speech sounds in the presence of background noise, as well as after varying 
levels of spectral or temporal degradation (9,10). In addition to being able to discriminate between 
individual consonant and vowel sounds, rats are able to perform more complex speech discrimination 
tasks. For example, rats can discriminate between sentences spoken in Dutch versus sentences spoken 
in Japanese (11). Additionally, rats can detect syllable regularities within a speech stream (12–14). 
Rats are also able to generalize a rule to novel words differing in voicing or in the gender of the speaker 
(15). These studies documented that the mammalian auditory system is highly effective at 
discriminating between the basic elements of human speech sounds, and paved the way for numerous 
studies using rats as a model of speech processing.      
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Figure 1. Behavioral discrimination accuracy of consonant sounds. Rats successfully discriminated nine of 

eleven consonant pairs evaluated. Open bars represent the target sound for each go/no-go task and filled bars 

represent the non-target (distractor) sound. Error bars indicate s.e.m. across rats. Asterisks indicate 

significant discrimination between the target and non-target consonant sounds. Reproduced from (3) with 

permission.  

1.2 Neural representation of speech sounds 
Early in the auditory pathway, neural responses to speech sounds closely resemble the physical 

characteristics of the sound, while at higher levels of the auditory pathway, the neural responses grow 
more abstract to better represent the perceptual characteristics of the sound (4,16). Each speech sound 
evokes a unique neural activity pattern in the primary auditory cortex of animals (3,16,17). For 
example, the consonant /s/ has high frequency acoustic energy, which evokes neural activity from 
neurons tuned to high frequencies, while the consonant /r/ has low frequency energy, which evokes 
neural activity from neurons tuned to the low frequencies. In addition to spectral differences in the 
neural response pattern to speech sounds, there are also temporal differences. While voiced stop 
consonants (such as /d/) evoke a single peak of activity in response to the consonant onset, voiceless 
stop consonants (such as /t/) evoke a peak of activity in response to the consonant onset and a second 
peak of activity in response to the subsequent vowel onset.   

Behavioral discrimination accuracy can be predicted by the neural similarity of the A1 response 
pattern to pairs of speech sounds. Pairs of sounds that evoke very similar A1 activity patterns are 
difficult for rats to discriminate, while pairs of sounds that evoke very distinct A1 activity patterns are 
easy for rats to discriminate. For example, the consonants /r/ and /l/ evoke very similar neural patterns 
of activity, and are difficult for rats to behaviorally discriminate. On the other hand, the consonants /d/ 
and /s/ evoke very distinct neural patterns of activity, and are easy for rats to discriminate. Interestingly, 
consonant and vowel sounds are processed distinctly. While precise neural spike timing information is 
required to accurately identify consonants, only the average neural spike rate is required to accurately 
identify vowels (4). Neural activity from four cortical auditory fields and one subcortical auditory 
field can be used to accurately predict behavioral speech discrimination ability (3,4,18).  
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2. AUDITORY PROCESSING DEFICITS IN RODENT MODELS OF AUTISM 
Unfortunately, individuals with autism spectrum disorders often exhibit degraded neural responses 

to sounds and impaired speech perception abilities (19,20). Rodent models of autism exhibit many of 
the classic neural and behavioral deficits observed in individuals with autism (21–24). For example, 
rodents that were prenatally exposed to valproic acid (VPA) exhibit weaker and delayed auditory 
cortex responses to sounds (21,22,25). VPA-exposed rats also are impaired at discriminating between 
words varying in initial consonant, although their ability to discriminate between vowel sounds 
remains intact (26).  

Similarly, individuals with Rett syndrome have impaired receptive language and significantly 
degraded cortical responses to sound (27–30). Rodents with heterozygous Mecp2 mutation, which 
models Rett syndrome, also exhibit alterations in the auditory cortex response to sounds (23,24). 
These rats accurately discriminate speech sounds in a quiet background, but have impaired 
discrimination accuracy when the speech sounds are presented in the presence of varying levels of 
background noise. These rodent models of the auditory processing deficits observed in autism 
spectrum disorders could easily be used to test the effectiveness of potential adjunctive intervention 
therapies.    

3. SPEECH TRAINING IMPROVES AUDITORY PROCESSING 
Extensive speech discrimination training alters performance accuracy and auditory cortex 

responses in both experimentally naïve rats and in rat models of autism. Speech sound training in 
experimentally naïve rats alters the neural response to sounds in multiple auditory cortical areas (31). 
Weeks of training in VPA-exposed rats improves consonant discrimination performance (26). This 
training also strengthens responses in anterior auditory field and decreases the neural response latency 
to sounds (Figure 2). This finding mirrors the improved behavior and normalized neural responses 
observed following extensive intervention in individuals with autism. 

 

 
Figure 2. Speech training enhances the neural response to the speech sound “gad”. The weakened response to 

“gad” in AAF in VPA-exposed untrained rats (n = 11 rats; magenta line) is normalized in VPA-exposed 

speech trained rats (n = 5 rats; green line), and is compared to saline-exposed untrained rats (n = 6 rats; blue 

line) and saline-exposed speech trained rats (n = 4 rats; cyan line). Reproduced from (26) with permission.  
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However, in some autism models, training alone is insufficient to reverse neural processing deficits. 
While heterozygous Mecp2 rats are able to accurately discriminate consonant sounds before the onset 
of regression, discrimination performance is greatly impaired following regression onset and the onset 
of seizures. Extensive training in heterozygous Mecp2 rats improves speech-in-noise discrimination 
performance (24). However, this training does not improve neural responses to sounds, and neural 
plasticity in these rats was abnormal. The development of enhanced therapeutic interventions is 
needed in order to increase the benefit of rehabilitative therapies for individuals who undergo these 
interventions and still experience deficits. 

4. VNS-SOUND PAIRING IMPROVES AUDITORY PROCESSING 
Vagus nerve stimulation (VNS) triggers rapid, phasic release of plasticity promoting 

neuromodulators, which enhances plasticity in the auditory network when delivered with sound 
presentation. For example, pairing VNS with a 9 kHz tone increases the proportion of A1 that responds 
to the paired tone frequency (32–36). Pairing VNS with fast or slow trains of tones can increase or 
decrease the A1 response strength to rapid sounds (37). Similarly, pairing the sounds ‘rad’ and ‘lad’ 
with VNS increases the A1 response strength to the paired sounds (38). Pairing VNS with speech 
sounds alters auditory cortex responses to a greater degree and alters responses significantly faster 
than speech training.    

VNS paired with sound presentation has also been used to restore auditory processing in a rat model 
of tinnitus (32). Noise trauma rats were exposed to 115 dB noise centered at 16 kHz for one hour. One 
month later, neural effects were quantified using auditory brainstem responses and the behavioral 
correlate of tinnitus was determined using the Turner gap detection method (39). Rats then received 
daily VNS-tone therapy sessions, where VNS was paired with multiple tone frequencies that were 
distinct from the perceived tinnitus frequency. One month of VNS-tone pairing sessions reversed both 
the behavioral and neural effects of noise exposure. Current experiments are examining VNS-sound 
pairing in rodent models of autism with degraded auditory processing.     

5. CONCLUSIONS 
Speech sounds evoke unique patterns of neural activity, and rats can accurately discriminate 

between these sounds. Many rodent models exhibit degraded auditory processing. Speech training can 
improve neural and behavioral auditory processing in some rat models, but can be insufficient to 
restore auditory processing in other models. Ongoing work involves pairing vagus nerve stimulation 
with auditory training in rat models of autism to improve both sound discrimination ability and the 
neural processing of sounds. 
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Effects of short-term training on attentional modulation of neural 

phase 

Adam TIERNEY1; Fred DICK1; Aeron LAFFERE1 

1 Birkbeck, University of London 

ABSTRACT 

How does the brain follow a sound that is mixed with others in a noisy environment? One possible strategy is 

to allocate attention to task-relevant time intervals while suppressing irrelevant intervals - a strategy that 

could be implemented by aligning neural modulations with critical moments in time. Here we report results 

from several experiments demonstrating that selective attention to temporally interleaved non-verbal tone 

streams is linked to phase shifts in EEG activity at the rate of within-stream tone presentation. This paradigm 

provides an implicit measure of non-verbal selective attention which strongly correlates with performance in 

both adult and school-aged populations. Moreover, we find that attentional modulation of neural phase is 

stronger in trained musicians and can be enhanced by as little as two hours of online selective attention 

training. These results suggest that phase timing is a robust and reliable marker of individual differences in 

auditory attention and demonstrate the possibility of rapid short-term plasticity in the mechanisms of 

selective auditory attention. Finally, we present pilot data relevant to the question of whether short-term 

training programs can be a successful remediation strategy in populations who struggle to control attention. 

 

Keywords: attention, EEG 

                                                        
 

2258



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, 

Germany 
 
 

 

Design of a new testing chamber to determine the absorption, 
diffusion and scattering coefficients 

Peter D’ANTONIO1; Melanie NOLAN2; Efren FERNANDEZ-GRANDE3; Cheol-ho JEONG4 
1RPG Acoustic Systems, LLC, USA 

2, 3, 4 Acoustic Technology, Department of Electrical Engineering, Technical University of Denmark, Denmark 

ABSTRACT 
This presentation describes a design for a new 285 m3 testing chamber that will allow the 
measurement of the random incidence absorption coefficient, according to the current revision of ISO 
354, the scattering coefficient, according to ISO 17497-1, the diffusion coefficient, according to ISO 
17497-2 and the normal incidence low frequency absorption coefficient, according to ISO 10534-2. 
Both dome-shaped boundary diffusors and hanging convex panels are used to provide satisfactory 
diffusivity, which is verified using a 200 mm reference absorber. The isotropy of the incident sound is 
evaluated with a new SOund Field Analysis Recorder (SOFAR) and quantified by an analysis of the 
wavenumber spectrum. As desired, a scattering coefficient or diffusion coefficient apparatus can be 
brought into the rev room to measure these data. A reflection free volume is provided in the chamber 
for boundary method diffusion coefficient goniometer measurements. A new FDTD simulation 
program will be described to determine the diffusion and scattering coefficients of any 3D surface in 
the near and far field. A steel and concrete lined low frequency impedance tube measuring 0.60 m x 
0.60 m x 5.8 m long and 7 tons will be used to measure absorption from 25-250 Hz.  

 
Keywords: Coefficients, Measurements, Isotropy 

 
1. INTRODUCTION 
This paper describes the planned Acoustical Research Center (ARC), which is a private testing and 

development lab at RPG to determine the absorption, scattering and diffusion coefficients according 
to ISO standards. The ARC will include a 285 m3 reverberation room, a low frequency impedance tube 
to extend measurement of the normal incidence absorption coefficient down to 25 Hz, a scattering 
coefficient apparatus to determine the random incidence scattering coefficient and a boundary plane 
goniometer for testing samples at 1:5 scale. Since this is not a commercial facility, we had to 
economically modify a non-ideal space. As of this writing the ARC is nearing completion and the 
hope is to provide experimental measurements at the ICA conference in Aachen.  

The random incidence absorption coefficient is an essential parameter is acoustical design and yet 
more than 100 years after the reverberation room method was suggested, we are still not able to 
measure it accurately. While the intra-lab precision is high in most laboratories, the accuracy is 
uncertain and the lack of agreement among labs is not acceptable. Therefore, the ISO 354 (1) standard 
is under continual development and revision. Much more recently, a scattering coefficient, measured 
in a reverberation chamber and subject to its limitations, has been enshrined as ISO 17497-1 (2) to 
complement the absorption coefficient in geometric computer models. The new lab will utilize the 
revised ISO approach to evaluating diffusivity with a reference absorber. We also plan to 
experimentally measure the degree of isotropy of the incident sound with a new SOund Field Analysis 

                                                        
1 dr.peter.dantonio@gmail.com; pdantonio@rpgacoustic.com  
2 melnola@elektro.dtu.dk  
3 efg@elektro.dtu.dk 
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Recorder (SOFAR), which will measure thousands of impulse responses in proximity to the reference 
absorber to determine the wavenumber spectrum. The wavenumber spectrum is then expanded into a 
series of spherical harmonics, and the moments from this expansion are used to characterize the 
isotropy of the wave field, according to a method developed by Nolan (3).  

The sound diffusion coefficient is determined with a new boundary method goniometer according 
to ISO 17497-2 (4). The diffusion coefficient, d, is a measure of the uniformity of the reflected sound. 
This is used in diffuser design and allows acousticians to compare the effectiveness of surfaces and 
give performance specifications. Using the polar responses obtained from the goniometer 
measurements, a correlation scattering coefficient can also be determined by a method proposed by 
Mommertz (5). The method correlates the scattered pressure polar responses from a test surface and a 
reference flat surface. The difference between the definitions of the scattering and diffusion 
coefficients may appear subtle, but it is significant (6).To extend the low frequency capability of the 
test chamber to measure the normal incidence absorption coefficient down to 25 Hz, a 7 ton 
steel-faced concrete impedance tube measuring 0.6 m x 0.6 m x 5.8 m was installed in the room. 
Following this experimental testing and simulation overview, we will briefly mention the potential of 
metamaterials in developing the next generation of absorbers and diffusers for architectural acoustics.  

2. TEST CHAMBER DESIGN 
2.1  Existing space  

The existing space, shown in Figure 1 (left), was formerly used as a blast room for a chemical 
company. The room had a concrete floor and three permanent cinderblock walls. The short wall had a 
“garage-style” corrugated metal door and one of the long walls had a window. The roof, which had to 
be replaced, was fitted with panels that would open from the impact of an explosion. The volume was 
503 m3 and the goal was to partition the room into a test chamber and a control room. The capability 
of utilizing suggested dimensional ratios was not possible due to the existing walls and the only 
dimensional variables were shortening the long wall and adding a ceiling close to the existing ceiling 
trusses. Due to weight issues, the new ceiling, consisting of two layers of 16 mm drywall and was 
attached to 406 mm spaced 51 mm x 152 mm planks resting on the lips of the ceiling trusses. The 
corrugated door was removed and filled with cinderblock, as was the window. To determine the 
optimal location of the new wall in the long dimension, a cuboid image method (7), called the Room 
Sizer, was utilized to find dimensional ratios with the lowest standard deviation in the modal 
frequency range. The floor, walls and ceiling surfaces were sealed and painted to minimize porosity. 
The rendered, renovated rev room, with diffusing surfaces, impedance tube and reference absorber, is 
shown in Figure 1 (right). 

2.2  Dimensions, diffusive clouds and domes 
The length, width and height of the rev room are 7.89 m, 6.27 and 6.07 m, respectively, with a 

volume of 300.3 m3 and surface area of 270.8 m2. To achieve the necessary diffusivity in the chamber, 
(15) 1219 mm x 1524 mm overhead, transparent vinyl, 6.4 mm curved convex clouds, (20) 610 mm x 
305 mm hemispherical domes and (21) 864 mm X 356 mm spherical cap domes were randomly 
distributed, as seen in Figure 1 (right). The additional surface area added to the room by the domes, 

Figure 1(left) Existing space; (right) Rendered rev room rotated counterclockwise 90 degrees with the 
front wall in Fig. 1 (left) on the left 
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clouds, speakers, and impedance tube is 87 m2, yielding a ratio of diffusor surface area to adjusted, 
increased room surface area (358 m2) of 24%. The adjusted room volume, reduced by the volumes of 
the domes, (3) JBL SRX835P speakers and the impedance tube is 285 m3. The clouds are curved along 
the 1524 mm direction, forming a convex surface with a cord length of 1067 mm and a height of 460 
mm, to diffuse low frequencies. To further improve diffusion at low frequencies, the clouds are 
arranged in a two-dimensional (2D) primitive root (PR) sequence. Not all one-dimensional (1D) PR 
sequences can be converted into a 2D array via the Chinese Remainder Theorem (6). To convert a 1D 
to a 2D PR array, the two factors must be coprime, meaning they have no common factors other than 
1. A PR sequence based on a prime N, has (N-1) sequence values. The closest primes to 15 are 13 and 
17. An N=17 PR sequence has 16 elements for which there are no two coprimes. Therefore, we 
selected N=13, with coprimes of 4 and 3, forming a 4x3 array. To provide 15 clouds, we selected the 
most suitable 5 x 3 array from the larger periodic array, starting with the 6th sequence value, to 
accommodate the cloud heights with other items in the room. The distances of the base of the convex 
shapes from the ceiling are equal to the ratio of the sequence values/maximum sequence value 
multiplied by the maximum displacement of roughly 3 m. This primitive root arrangement of the 
ceiling clouds provides diffusion below 100 Hz.  

2.3   ISO 354 experimental diffusivity evaluation 
After measuring the empty rev room, Table 1 summarizes the 3-step, sequential addition of domes 

and clouds to evaluate the equivalent absorption area and compare with the values required in the 
revised standard. The measured equivalent absorption of the reference absorber shall be equal to or 
larger than the values in Table B2 (1) for the octave bands of 250 Hz and above. The correction factor 
g, which is equal to the required absorption divided by the measured absorption, is determined in 
octave bands, but applied to all third octave bands in the octave for samples under test.  

 
For example, in Step 1 the following diffusers are added to the room: (4) 0.61 m domes with a 

surface area (SA) of 0.29 m2 (after subtracting the base which is included in the room’s surface area), 
(3) 0.86 m domes with a SA of 0.4 m2 on the long wall of the rev room; (1) 0.61 m and (1) 0.86 m dome 
on a short area of the opposite wall; (3) 0.61 m and (3) 0.86 m domes on the width wall and (5) convex 
1.2 m x 1.5 m clouds with a total cloud surface area (TC SA m2) of 18.6 m2. The total surface area 
(TSA m2) for Step 1 is 23.72 m2. The combined dome and cloud surface area is 70 m2, with 41 domes 
and 15 clouds, totaling 56. 

2.4  Experimental measurement of the isotropy coefficient 
In addition to the ISO diffusivity test, we will investigate an experimental measure of the isotropy 

of the incident sound on the sample with a method proposed by Nolan (3). The method consists of 
expressing an arbitrary sound field on an array of sensors as the superposition of a set of plane waves. 
The magnitude of the wavenumber spectrum is subsequently expanded into a series of spherical 
harmonics and the moments of this spherical expansion are used to characterize the isotropy of the 
incident sound field. A wave field is termed isotropic if the wavenumber vectors of the incident plane 
waves are uniformly distributed over all angles of incidence. Consequently, all the energy of the 
angular spectrum resides on the monopole moment of its spherical harmonic expansion. This will not 
be the case if the contributing waves cover just a partial section of the solid angle, as the higher-order 
moments would characterize the wave field. This quantity is suggested as a potential isotropy 
indicator. 

Table 1. Three step diffusivity evaluation with domes and clouds 
Domes Clouds

Step Length Wall SA m2 SA m2 Opposite Wall SA m2 SA m2 Width Wall SA m2 SA m2 TD# TD SA 1.2 x 1.5 m TC SA m2 TSA m2 TD+C
# 0.61 # 0.86 # 0.61 # 0.86 # 0.61 # 0.86 # SA m2

1 4 0.29 3 0.4 1 0.29 1 0.4 3 0.29 3 0.4 15 5.12 5 3.72 18.6 23.72
2 2 0.29 3 0.4 1 0.29 2 0.4 3 0.29 4 0.4 15 5.34 5 3.72 18.6 23.94
3 2 0.29 2 0.4 1 0.29 1 0.4 3 0.29 2 0.4 11 3.74 5 3.72 18.6 22.34

8 8 3 4 9 9 41 14.2 15 55.8 70 56
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 A conceptual approach to measuring the sound field necessary to determine the isotropy 
coefficient is shown in Figure 2. The device is called a SOund Field Analysis Recorder (SOFAR) and 
is placed in close proximity to the reference absorber in the rev room. The device consists of a 
movable gantry containing 32 microphones spaced 25 mm apart located within a frame, which allows 
accurate displacements of the gantry every 25 mm parallel to the reference absorber. 32 impulse 
responses are recorded at each of 32 positions for a total of 1,024 impulse responses in the first 
measurement plane. The frame supporting the gantry is moved up 25 mm and an additional 1,024 
impulse responses are measured. This data collection is repeated in two additional upward planes 
separated by 25 mm for a total of 4,096 impulse responses. The 32 electret microphones are connected 
to preamps connected to A/D converters, which are input into a computer running the data collection 
process. The impulse responses are processed to provide the needed pressure responses.  

A prototype of the SOFAR is in development. The device consists of 4 vertical elements to which 
a rectangular frame is attached. The left and right legs of the frame contain rectangular plates to which 
the gantry containing the 32 mics is attached. The frame containing the mic gantry is mechanically 
adjustable vertically. The leg on the right side contains a stepping motor and encoder to automatically 
advance the gantry by 25 mm after each data collection for the 32 positions. The frame is then 
mechanically lifted 25 mm higher for the next cycle of impulse response measurements and repeated 
at two additional heights above the sample. Thus, generating the 4,096 impulse responses which are 
fitted to determine the magnitude and phase of the wavenumber spectrum.   

3. DIFFUSION COEFFICIENT GONIOMETER 
There have been continuing advances in 2D goniometer data collection over the years. From 1983 

to 1993, impulse response data were collected with a TEF analyzer using one microphone, which was 
manually repositioned every 5 degrees, after each impulse response measurement. In 1994, scaled 
measurements were made with the first boundary plane goniometer, utilizing 37 fixed mics every 5 
degrees. In 2011, new hardware and software were added to collect 32 simultaneous impulse 

responses. This was accomplished using (4) MOTU 8Pre preamps and a hard disk recording program. 
To obtain the impulse responses, the recorded signals are deconvolved with the MLS stimulus. 32 
channels of the scattered energy are recorded. The simultaneously collected data are then processed as 

Figure 2. SOFAR concept illustration 

Figure 3. Ellipsoid illustrating the reflection free 
zone in the rev room for goniometer measurements 
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described in ISO 17497-2 (4 ). The location of the goniometer in the rev room, along with its 
transparent ellipsoidal reflection free zone, are shown in Figure 3.  

In an effort to develop a 3D diffusion coefficient simulation program, we re-examined data 
collected in 1998 at Salford University. In Figure 4 (left), we show the 13 specified positions for the 
source loudspeaker according to ISO 17497-2 and a schematic illustration, Figure 4 (center), showing 
two concentric hemispherical arcs capable of being rotated about the vertical axis. The inner arc 
contains 32 microphones separated by 5 degrees and the outer arc contains the speaker, which is able 
to assume the 13 angles of elevation and azimuth. Figure 4 (right) shows a 3D goniometer in an 
anechoic chamber built in 1998 at Salford University (8). A sample is located at the origin.  

An extensive set of measurements were made on the 2D (blue) and 3D (red) goniometers and the 
diffusion coefficients were also simulated with a boundary element program (green BEM). The 
comparison for a square based pyramid are shown in Figure 5. The exceptional accuracy of the BEM 
calculation, compared to the 3D and 2D goniometer measurements, suggested that the diffusion 
coefficient could be numerically simulated. For an asymmetric sample, the measurement requires 936 
(360/5x13) measurements, i.e. 72 measurements with 5 degree increments for each of the 13 speaker 

positions. This yields 34,632 (936 x 180/5 microphones) impulse responses. The measurements take 
4-5 hours and suggest the need for a numerical simulation.  

An FDTD Diffusion Coefficient Calculator (DCC) program to virtually simulate full scale, 3D 
scattering surfaces, in the near and far field, without any physical prototype, was developed as part of 
Hassan Azad’s Ph.D. thesis (9). The FDTD solver used is called ParallelFDTD and is accessible 
through its developer’s GitHub account. It uses the standard rectilinear, SLF (standard leapfrog) 
FDTD scheme for the calculation of the sound pressures inside the domain and NFTFF 
transformations to determine the far field polar responses. One of the most significant advantages of 
FDTD is its ability to be programmed in a parallel manner, which makes it suitable to be run on many 
parallel computing engines, such as General-Purpose Graphical Processing Units (GPUs) on the AWS 
cloud. 

Figure 4. Left: ISO 17497-2 loudspeaker positions, 3D schematic goniometer, actual goniometer 
apparatus 

Figure 5. Comparison of measurements and predictions at 4 
kHz for a square based pyramid 
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The agreement with BEM and experimental measurements is excellent. In Figure 6, we show a 
schematic of the DCC in a virtual room with the 13 microphone positions (black dots) and the 
microphone arc with 37 microphones in two of the 72 positions.  

4. SCATTERING COEFFICIENT MEASUREMENT 
A full scale scattering coefficient apparatus can also be placed in the rev room for ISO 17497-1 

measurements. A photo of the device’s rotation framework, the reflective base and several periods of 
600 mm x 600 mm square 2D primitive root samples, surrounded by “eyebrows”, is shown in Figure 
7.  

5. LOW FREQUENCY IMPEDANCE TUBE 
To extend the absorption coefficient range below 100 Hz, we developed a 0.6 m x 0.6 m x 5.6 m, 7 

ton impedance tube, fabricated from steel covered concrete. Figure 8 (left) shows the sample lid in the 

open position. Figure 8 (middle) shows the lid closed and Figure 8 (right) shows a membrane absorber 
with the movable measurement mic in one of three positions in front of the sample. The transfer 

Figure 7. Scattering coefficient apparatus. Left: rotating framework; middle: reflective base; right: 
square 2D primitive root sample 

Figure 8. Low frequency impedance tube 

Figure 6.  Virtual diffusion coefficient schematic 
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function, reflection factor and the normal absorption coefficient are determined from the impulse 
responses determined at 2 microphone position. Then by overlapping data from microphone pairs 
(1,2; 1,3; and 2,3) the normal incidence absorption coefficient and complex surface impedance can be 
determined from 25 Hz to 250 Hz.  

5.  FUTURE DEVELOPMENTS 

A schematic of the top three existing acoustical surfaces and a new Returner, are illustrated in 
Figure 9, along with their temporal and spatial response,. The Reflector redirects incident sound in the 
specular direction, in which the angle of incidence equals the angle of reflection. The Absorber 
attenuates incident sound. The Diffuser uniformly distributes incident sound and the Returner 
redirects incident sound back to the direction of incidence, like a boomerang. The Returner is formed 
from three mutually perpendicular polygons.  

While these surfaces provide acousticians with useful devices to design spaces, they have 
limitations. Today, the burgeoning field of metamaterials offers the possibility of a new generation of 
ultra-thin, subwavelength innovative acoustic materials, which provide extraordinary acoustical 
characteristic to move beyond the behavior of naturally occurring materials. Metamaterials derive 
their properties not from the properties of the base materials, but from their newly designed structures, 
very similar to the original reflection phase gratings. The material properties of interest for acoustic 
metamaterials are the effective mass density and the effective bulk modulus. By optimally designing 
surfaces with the appropriate sign and values of these variables, a host of novel properties can be 
obtained. One approach particularly suited to developing broad bandwidth perfect absorbers and 
broadband diffusers utilizes coupled periodic arrays of Helmholtz resonators, at scales that are smaller 
than the wavelength of the phenomena they influence. Various approaches to produce perfect 
absorption (10, 11) or broadband diffusion (12, 13) optimize appropriate phenomena to produce the 
desired performance, namely taking advantage of slow sound, thermal and viscous losses, acoustic 
dispersion, rainbow-trapping and critical coupling. 
  
6. CONCLUSION 

As of this writing, we are in the process of completing the final commissioning of a new Acoustical 
Research Center (ARC) at RPG, which will allow the measurement of the normal and random 
incidence absorption coefficient and the scattering and diffusion coefficients according to ISO 
standards. Since the lab is still in development, this paper is limited to a description of the design and 
goals. It is the hope to present experimental measurements at the time of the conference. The rev room 
contains both spherical cap domes and suspended convex clouds spaced from the ceiling in a primitive 
root sequence to provide low frequency diffusion below 100 Hz. Measurements will be made 
according to (1) to obtain the scaling factor, g, to reduce the inter-lab variance. A described SOFAR 
device, which is in prototype design, will be used to experimentally determine the randomness of the 
incident sound on the reference sample, using the wavenumber spectrum. A low frequency normal 

Figure 9. Temporal and spatial 
characteristics of acoustical surfaces 
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incidence, impedance tube is described to extend the frequency range of the rev room down to 25 Hz. 
When desired, a scattering coefficient or diffusion coefficient apparatus can be brought into the rev 
room to measure these data. A new FDTD diffusion coefficient calculator is described allowing 
predictions on virtual samples in the near and far field. Lastly, a brief discussion is offered on the 
importance of the burgeoning field of metamaterials to provide the next generation of sound absorbers 
and diffusers.  

ACKNOLEDGEMENTS 
D’Antonio would like to thank RPG and its employees for providing the space for the Acoustical 

Research Center and for the difficult task of converting a previously unsuitable space into a 
functioning reverberation room. D’Antonio would also like to thank Lea Ann Pelleschi for all of the 
CAD drawings and animations.  

REFERENCES 
1. Vercammen M. On the revision of ISO 354, measurement of the sound absorption in the reverberation                  

room. ISO/WD 354:2018. 
2. Acoustics - Sound-scattering properties of surfaces. Part 1: Measurement of the random-incidence 

scattering coefficient in a reverberation room. ISO 17497-1:2004(E). 
3. Nolan, M, Fernandez-Grande, E, Brunskog, J, Cheol-Ho, J. A wavenumber approach to quantifying the 

isotropy of the sound field in reverberant spaces. J Acoust Soc Am. 2018; 143(4):2514-2526. 
4. Acoustics - Sound-scattering properties of surfaces. Part 2: Measurement of the directional diffusion 

coefficient in a free field. ISO 17497-2:2012. 
5. Mommertz E, Determination of scattering coefficients from reflection directivity of architectural 

surfaces. Appl. Acoust. 2000; 60 (2): 201-204. 
6. Cox T, D’Antonio P. Acoustic Absorbers and Diffusers: Theory, Design and Application. 3rd ed. Boca 

Raton, USA: Taylor & Francis; 2017. p. 131 and 359. 
7. Cox TJ, D’Antonio P, Avis MR, Room sizing and optimization at low frequencies. J Audio Eng Soc. 

2004; 52(6). p. 358-362. 
8. Hargreaves TJ, Cox TJ, and Y. W. Lam YW, D’Antonio P. Surface diffusion coefficients for room 

acoustics: Free-field measures. J Acoust Soc Am. 2000; 108: 1710-20. 
9. Azad, H., 2019. “Spectral and Spatial Assessments of Diffuse and Scattered Reflections in Rooms 
and Their Effects on Reverberation Time, Clarity, and Sound Pressure Level”, UF Electronic Theses 
and Dissertations: https://cms.uflib.ufl.edu/etd/Index.aspx (restricted to UFID holders). 
10. Peng X, Ji J and Jing Y. Composite honeycomb metasurface panel for broadband sound absorption. 

JASA Express Letters. 2018 (https://doi.org/10.1121/1.5055847). 
11. Jimenez N, Romero-Garcia V, Pagneux V and Groby JP. Rainbow-trapping absorbers: Broadband, 

perfect and asymmetric sound absorption by subwavelength panels for transmission problems. J. Sci 
Rep. 2017; 7(1):13595. 

12. Zhu Y, Fan X, Liang B, Cheng J and Jing Y. Ultrathin acoustic metasurface-based Schroeder diffuser. 
Phys Rev X. 2017; 7: 021034-1. 

13. Jimenez N, Cox TJ, Romero-Garcia V and Groby JP. Metadiffusers: Deep-subwavelength sound 
diffusers. Sci Rep. 2017; 7(1): 5389. 

2266



[3D Printed quadratic residue metadiffuser - design and measurements of an
optimized deep-subwavelength sound diffuser]

Eric Ballestero1, Vicent Romero-García2, Noé Jiménez3, Jean-Philippe Groby2, Haydar Aygun1, Stephen Dance1

(1)The Acoustics Group, London South Bank University, United Kingdom.
(2)Laboratoire d’Acoustique de l’Université du Mans, LAUM - UMR CNRS 6613, Le Mans Université, Avenue Olivier

Messiaen, 72085 LE MANS CEDEX 9, France.
(3)Instituto de Instrumentación para Imagen Molecular, Consejo Superior de Investigaciones Científicas (CSIC), Universitat

Politècnica de València, València, Spain.

Abstract
It has been two years since the first publication of the novel concept of metadiffusers. Heavily based on critical
coupling theory introduced in the case of perfect absorption in deep-subwavelength metamaterials, metadiffusers
are presented in a similar fashion, i.e. slotted panels with thin slits, each one backed with a set of critically cou-
pled Helmholtz resonators (HRs). Instead of focusing on absorptive and transmitting properties, metadiffusers
emphasize on perfect or pseudo-perfect reflection of sound. Here a particular interest is given to the scattering
patterns obtained by the customization of the metamaterial’s geometry. The deep-subwavelength nature of the
structure leads to dimensions 20 to 46 times smaller than the design wavelength, i.e. about 1/20th to 1/10th of
the thickness of traditional designs. This presentation aims at introducing the physical aspects of sound propa-
gation in and out of the metadiffuser, emphasizing on deep-subwavelength critical coupling, on the consequent
strong dispersion relations and on the custom scattered fields. This theoretical overview will then be paired
with numerical and experimental data of a 3D-printed quadratic residue metadiffuser (QRM). Finally, potential
applications of such structures will be discussed in critical industry environments.
Keywords: metamaterials, sound diffusion, slow sound

1 INTRODUCTION
Sound diffusers are locally-reacting reflecting surfaces with a spatially dependent reflection coefficient designed
to produce uniform scattering, i.e. the reflected waves by these surfaces are scattered in many different di-
rections [1]. This means that diffusers tend to present a uniform Fourier transform magnitude of its spatially
dependent reflection coefficient distribution. The generation of spatially dependent reflecting surfaces is com-
monly achieved by using phase grating diffusers, also known as Schröeder’s diffusers [2], that are rigidly-backed
slotted panels where each slit acts as a quarter wavelength resonator. The common approach for designing
phase-grating diffusers is to implement an effective well depth sequence in function of the range of frequencies
being targeted for optimal scattering. In traditonal means, this is done by using rigidly-backed slotted panels
where each slit acts as a quarter-wavelength resonator (QWR). Therefore, Schröeder diffusers can easily become
thick and heavy structures when designing for mid- to low frequencies of audio sound, e.g. the height or max-
imum well depth of a traditional Quadratic Residue Diffuser (QRD) is of the order of half the wavelength of
the low cut-off design frequency; often being in the order of one or more meters.
In this work, we present an experimental validation of the concept of metadiffusers, i.e. deep-subwavelength
acoustic diffusers based on slow sound acoustic metamaterials [3, 4, 5] dramatically reducing the effective
thickness otherwise required by Schröeder diffusers. By tuning the geometry of the HRs and the thickness
of the slits, the phase of the metamaterial’s reflection coefficient can be tailored to that of usual diffusers with,
however, extreme deep-subwavelength scales. We present herein the validation of a metadiffuser based on one
presented in a previous work of some of the authors of the current abstract [1].
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Figure 1. (a) Phase and (b) magnitude of the spatially-dependent reflection coefficient generated by six repeti-
tions of a QRD (black line) and the QRM (red doted). (c) Picture the QRM (one period).

2 DESIGN OF METADIFFUSERS
A quadratic residue diffuser (QRD) is made from a numerical sequence given by sn = n2modN, where mod is
the least non-negative remainder of the prime number N. Whereas phase grating diffusers are based on quarter
wavelength resonators (wells) – with well depths given by Ln = snλ0/2N, where λ0 is the design wavelength
– the metadiffusers’ ability to create impedance changes across their surface is achieved by coupled deep-
subwavelength resonance between the slits and the HRs, which takes into account the thermo-visous losses
happening when sound propagates in very narrow regions. By making a parametric design of such strategy,
allowing the geometry of the slits and HRs to change and using genetic algorithms, it is then possible for a
metadiffuser to mimick the spatially-dependent reflection coefficient R(x) of a given surface whilst conserving
a minimal thickness. Thus, let be a classical QRD with N = 5 and total thickness of L = 27.4 cm with side
Nd = 35 cm to be designed for a low cut-off frequency of 500 Hz. The resulting reflection coefficient of the
QRD could then be mimicked by a metadiffuser structure, as shown in Figs. 1 (a,b).
As illustrated, perfect agreement is found between the reflection coefficients of the QRM and the target QRD
phase. The picture of the designed metadifuser structure is shown in Fig. 1 (c), with a deep sub-wavelength
thickness of L = 2 cm.

3 EXPERIMENTAL SET-UP
The QRM was experimentally tested in the anechoic chamber of the Laboratoire d’Acoustique de l’Université
du Mans (LAUM). The metasurface was excited by a maximum length sequence (MLS) radiated by a source
placed at 2 m from it at 0◦ incidence (normal). The structure was placed on a turning table covering all
azimutal angles. The scattering pressure field, ps, was evaluated in the polar angles, along a semi-circumference
of 1 m radius centered in the center of the metadiffuser. Therefore all the scattering directions can be captured
by the experimental set-up. The scattering field was then obtained by Fourier transforming the impulse response
of the system after windowing it in the corresponding time period in order to remove the direct sound from the
source.

4 RESULTS
We evaluated a single repetition of the QRM and an equivalent rigid panel of the same dimensions. Figure 2
shows the experimental results for the evaluated QRM (red lines) as well as for the rigid panel (blue lines).
In both cases the experimental scattered field, ps(θ) across the x-axis is plotted for two different frequencies.
The first one at 700 Hz, where the QRM behaves as a rigid panel would, i.e. even spreading of sound due
to the diffraction of the finite surface sample. The second frequency, at 1500 Hz, shows however the even
spreading of the acoustic energy in all the directions produced by the QRM whereas the flat surface acts in a
more directive fashion.
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(b)(a)

Figure 2. Experimental polar plots of the scattered acoustic field, ps(θ), for (a) 700 Hz and (b) 1500 Hz.
Experimental evaluation of the far field of a flat square rigid panel (blue line) and the QRM (red line) of
dimensions 35×35×2 cm3.

5 CONCLUSION
The concept of metadiffuser – as a deep subwavelength locally reacting surface with tailored acoustic scattering
– was experimentally validated, thus demonstrating the potential of metadiffusers to be used in critical listening
environments. Due to their deep-subwavelength nature, the thickness of the panels can be strongly reduced; by
11 times in the case herein presented. In the context of smart building design and sustainability, metadiffusers
can be used to save space and to produce lightweight materials, improving the performance of acoustic solutions
using less resources. Moreover, the proposed designs have the potential to meet the aesthetic requirements that
are mandatory for modern auditoria design.
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Abstract
We present sound diffusers based on locally resonant metamaterials that are one order magnitude thinner than the
classical designs based on phase gratings. Using a set of waveguides loaded by an array of optimized Helmholtz
resonators, we induce strong dispersive propagation inside the material. Doing this, waves in the low-frequency
regime are dramatically slowed down and, because of this, a deep-subwavelength resonance is produced. In
addition, this design allows an accurate tuning of the thermoviscous loses. In this way, the reflection coefficient
can be spatially tuned in both phase and magnitude, and we are able to mimic the classical QRD, PRD or
Binary/Ternary sound diffusers. Beyond these designs, we also propose an optimized panel showing efficient
and broadband sound diffusion ranging from 250 Hz to 2 kHz using only 3 cm thickness, i.e., 46 times thinner
than the wavelength at the lowest working frequency.

Keywords: Sound diffusers, Metamaterials, Metasurfaces, Metadiffusers.

1 INTRODUCTION
Sound diffusers are often locally-reacting reflecting surfaces with spatially dependent reflection coefficient usu-
ally designed to produce a uniform scattering pattern, i.e., the reflected waves by these surfaces are dispersed
in a broad range of directions [1]. To produce such a uniform far field scattering distribution, the spatially
dependent reflection coefficient of the panel should present a Fourier transform of uniform magnitude. This was
traditionally achieved by using phase grating diffusers, also known as Schröeder’s diffusers [2]. These surfaces
are rigid-backed slotted panels where each slit acts as a quarter wavelength resonator. However, this approach
results in very thick and heavy panels, limiting the use of phase grating diffusers at low-frequencies where the
wavelength of sound in air is of the order of several meters [1].
To overcome this limitation, we present metadiffusers, sound diffusers based on metamaterials [3]. These struc-
tures are composed by optimized air cavities producing slow-sound conditions when waves propagate around
their resonances. Metamaterials based on slow sound condition have been widely used to design acoustic ab-
sorbers [4, 5, 3, 6]. Using slow sound results in a decrease of the cavity resonance frequency and, hence, the
structure thickness can be drastically reduced to the deep-subwavelength regime [5]. Therefore, the thickness of
the panel can be reduced to the deep subwavelength regime.
Here, we present deep-subwavelength thickness diffusers based on acoustic metamaterials to reduce the thickness
of Schröeder diffusers. The system works as follows: first, we consider a rigid panel of finite length with a set
of N slits. Second, we modify the dispersion relations inside each slit by loading one of their walls with a set
of Helmholtz resonators, as shown in Fig. 1 (b). The sound propagation becomes strongly dispersive in each slit
and the resulting sound speed, cp, is drastically reduced. Therefore, each slit behaves as a deep-subwavelength
resonator. As a consequence, the effective depth of the slits can be strongly reduced as L = cp/4 f holds. By
tuning the geometry of the Helmholtz resonators and the thickness of the slits, the dispersion relations inside
each slit can be modified. As a result, the phase of the reflection coefficients can be tailored to those of an
Schröeder phase grating diffuser, or can be optimized to obtain broadband sound diffusers.
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Figure 1. (a) Scheme of a QRD Schröeder diffuser composed by N = 7 slits or quarter wavelength resonators. (b) Metadiffuser
composed of N = 7 sub-wavelength slits, each of them loaded by M = 3 Helmholtz resonators, with slightly different geometry.

2 METHODS
2.1 Transfer matrix method
The system described before has been theoretically modelled by using the transfer matrix method. Under the
assumption of plane waves travelling inside the metamaterial, either the transfer matrix or the scattering matrix
can be obtained, providing directly the reflection of the metamaterial, as well as its effective parameters.
The transfer matrix is used to relate the sound pressures (P) and normal acoustic particle velocities (V ) at the
beginning and at the end of each slit. The transfer matrix of the n-th slit, Tn, of length L, extending from y = 0
to y = L is written as [

Pn

V n

]
y=0

= Tn
[

Pn

V n

]
y=L

=

[
T n

11 T n
12

T n
21 T n

22

][
Pn
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y=L

. (1)

For an identical set of M resonators, the transmission matrix Tn is written as

Tn =

[
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s Mn
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Here, the transmission matrix for each lattice step in the n-th slit, Mn
s , is written as
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where the slit characteristic impedance is written as Zn
s =
√

κn
s ρn

s /Sn
s and Sn

s = hn a, the complex wavenumber
is kn

s = ω
√

ρn
s /κn

s and κn
s and ρn

s are the complex and frequency dependent bulk modulus and density in each
slit, i.e., the effective acosutic parameters. The resonators are introduced as punctual scatters by a transmission
matrix Mn

HR as

Mn
HR =

[
1 0

1/Zn
HR 1

]
, (3)

and the radiation correction of the n-th slit to the free space as

Mn
∆lslit

=

[
1 Zn

∆lslit
0 1

]
, (4)
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with the characteristic radiation impedance of the n-th slit Zn
∆lslit

=−iω∆ln
slitρ0/φ n

t S0, where S0 = d a, ρ0 the air
density and ∆ln

slit the proper end correction that will be described later.
Finally, the reflection coefficient of the rigidly backed slit can be directly calculated from the elements of the
matrix Tn as

Rn =
T n

11−Z0T n
21

T n
11 +Z0T n

21
. (5)

with Z0 = ρ0c0/S0, and finally the absorption as αn = 1− |Rn|2. The effective parameters of each slit can be
obtained from the transfer matrix elements as follows

kn
eff =

1
L

cos−1
(

T n
11 +T n

22
2

)
, Zn

eff =

√
T n

12
T n

21
. (6)

2.2 Visco-thermal losses model
The visco-thermal losses in the system are considered both in the Helmholtz resonators and in the slits by using
its effective complex and frequency dependent parameters. Considering only plane waves propagate inside the
metamaterial, the effective parameters of the ducts that conform 2D resonators and the slits of width 2r are
given by [7]:

ρeff = ρ0

[
1−

tanh
(
rGρ

)
rGρ

]−1

, κeff = κ0

[
1+(γ−1)

tanh(rGκ)

rGκ

]−1

, (7)

with Gρ =
√

iωρ0/η and Gκ =
√

iωPrρ0/η , and where γ is the specific heat ratio of air, P0 is the atmospheric
pressure, Pr is the Prandtl number, η the dynamic viscosity, ρ0 the air density and κ0 = γP0 the air bulk
modulus. The effective parameters of the n-th main slit, ρn

s and κn
s , are obtained by setting r = hn/2 in Eqs. (7-

7). The visco-thermal losses inside the 2-dimensional resonator’s neck and cavity are modelled in the same way
by these effective parameters, ρ

n,m
n , κ

n,m
n and ρ

n,m
c , κ

n,m
c respectively, by setting r = wn,m

n /2 and r = wn,m
c /2 for

the m-th resonator located at the n-th slit.

2.3 Resonator impedance and end corrections
Using the effective parameters for the neck and cavity elements given by Eqs. (7-7), the impedance of a Helm-
holtz resonator, including a length correction due to the radiation can be written as [8]:

Zn,m
HR =−i

cos(knln)cos(kclc)−Znkn∆l cos(knln)sin(kclc)/Zc−Zn sin(knln)sin(kclc)/Zc

sin(knln)cos(kclc)/Zn− kn∆l sin(knln)sin(kclc)/Zc + cos(knln)sin(kclc)/Zc
, (8)

where (note superscripts were omitted for the sake of simplicity) ln,m
n and ln,m

c are the neck and cavity lengths,
kn,m

n and kn,m
c , are the effective wavenumbers and and Zn,m

n and Zn,m
c effective characteristic impedance in the

neck and cavities respectively, and ∆ln,m the correction length for the Helmholtz resonators. These correction
lengths are deduced from the addition of two correction lengths ∆ln,m = ∆ln,m

1 +∆ln,m
2 as
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The first length correction, ∆ln,m
1 , is due to pressure radiation at the discontinuity from the neck duct to the

cavity of the Helmholtz resonator [9], while the second ∆ln,m
2 comes from the radiation at the discontinuity
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from the neck to the principal waveguide [10]. This correction only depends on the radius of the waveguides,
so it becomes important when the duct length is comparable to the radius, i.e., for small neck lengths and for
frequencies where kn,m

n wn,m
n � 1.

Another important end correction comes from the radiation from the slits to the free air. The radiation correction
for a periodic distribution of slits can be expressed as [11]:

∆ln
slit = hn

σ
n

∞

∑
n=1

sin2 (nπσn)

(nπσn)3 . (11)

with σn = hn/d. Note for 0.1≤ σn ≤ 0.7 this expression reduces to ∆ln
slit ≈−

√
2ln [sin(πσn/2)]/π .

2.4 Diffusion coefficient
The diffusion coefficient, dφ , is estimated from a polar response as [12]

δφ =

(
π∫
−π

Is(θ)dθ

)2

−
π∫
−π

Is(θ)
2dθ

π∫
−π

Is(θ)2dθ

, (12)

where Is(θ) is the polar scattering intensity for a wave with incident angle φ . This coefficient is normalized to
that of a plane reflector, δflat, to eliminate the effect of the finite size of the structure as δn = (δφ −δflat)/(1−
δflat).

3 REDUCING THE THICKNESS OF A DIFFUSER USING METAMATERIALS
Figure 2 (a) shows the dispersion relations inside two different slits, n = 1 and n = 2, obtained by using M = 2
HR with the geometrical parameters listed in Table 1 of Ref. [13]. First, above the resonance frequency of the
HRs, fn, a band gap is generated. Below the resonance frequency of the HRs a dispersive band is observed
and the wavenumber is increased with respect to the wavenumber in air. In this regime, slow sound conditions
are produced, as shown in Fig. 2 (b), i.e., the phase speed inside the slits is strongly reduced. The phase of
the reflection coefficient produced by each slit is shown in Fig. 2 (c). We can see that for some frequencies the
phase of the reflection coefficient of both slits (blue and red lines) is strongly modified when compared to the
reflection phase of a slit without HRs (dashed line). At 2 kHz, the 1st slit (red curve) reacts inverting the phase
of the incoming wave, while for the 2nd slit (blue curve) this occurs at 3.2 kHz. In this way, by tuning the
geometry a specific phase profile can be tailored, while the total thickness of the panel can be greatly reduced
when compared with a quarter wavelength resonator of length L. By using these features, we show in this

0 1 2 3 4

f (kHz)

0

0.5

1

R
e(
k
)a
/
π

f1 f2
(a)

0 1 2 3 4

f (kHz)

0

200

400

600

c̃ p
(m

/
s)

c0

(b)

0 1 2 3 4

f (kHz)

-π

π

a
rg

R
(r
a
d
)

(c)
slit1
slit2
k0a/π

Figure 2. (a) Dispersion relation inside the (blue) first and (red) second slits of a metadiffuser for the lossless
case (continuous lines) and accounting for the thermo-viscous losses (dashed lines), and wavenumber in air
(dashed-dotted). The resonance frequencies of the HR are shown as f1 and f2. (b) Corresponding phase speed.
(c) Phase of the reflection coefficient for each individual slit.

2273



-1 -0.5 0 0.5 1

x (m)

-π

-π/2

0

π/2

π

ar
g
R

metadiffuser

-2 -1 0 1 2

x (m)

0

0.5

1

1.5

2

y
(m

)

0

0.5

1

|p|

|ps|

QRD

-3 -2 -1 0 1 2 3

x (m)

0

1

2

3

y
(m

)

0

0.5

1

|p|

0 dB-6-12-18-24-30
-90

-80

-70

-60

-50

-40

-30

-20
-10 0 10

20

30

40

50

60

70

80

Flat panel
Scröeder
Meta (FEM)
Meta (TMM)

ps(µ)

-0.2 -0.1 0 0.1 0.2

x (m)

-π

-π/2

0

π/2

π

ar
g
R

metadiffuser

-1 -0.5 0 0.5 1

x (m)

0

0.2

0.4

0.6

0.8

1

1.2

y
(m

)

0

0.5

1

PRD

-1 -0.5 0 0.5 1

x (m)

-0.2

0

0.2

0.4

0.6

0.8

1

1.2

y
(m

)

0

0.5

1

0 dB-6-12-18-24-30
-90

-80

-70

-60

-50

-40

-30

-20
-10 0 10

20

30

40

50

60

70

80

Meta (FEM)

Meta (TMM)

ps(µ)

(a3)

(a4)

(a5)

(b3)

(b4)

(b5)

42 cm

3.5 cm

Meta-PRD

(b1)(a1)

35 cm

2 cm

Meta-QRD

(b2)(a2)

Figure 3. (a) Phase and (b) magnitude of the spatially-dependent reflection coefficient of a QRD (black line) and the QR-
metadiffuser (red doted). (c) Scaled scheme of the QR-metadiffuser with N = 5 and M = 2. (d) Near field pressure distribution at
2 kHz of QR-metadiffuser with thickness L = 2 cm (e) phase grating QRD of thickness L = 27.4 cm and (f) flat plane reflector.
(g) Far-field polar distribution of the QR-metadiffuser obtained by TMM (continuous blue) and FEM (dotted black), the reference
QRD (dashed-grey), and a plane reflector with same width of the diffusers (continuous red).
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article that the phase profile of Schroeder and ternary sequence diffusers can be mimicked by a sub-wavelength
metadiffuser in a given frequency band. Therefore by tuning the geometry of a metadiffuser we can maximize
sound diffusion in a broad frequency band for room acoustics applications using a deep sub-wavelength panel.

4 QUADRATIC RESIDUE METADIFFUSERS
The quadratic residue sequence is given by sn = n2modN, where mod is the least non-negative remainder of
the prime number N. If the phase grating diffuser is based on quarter wavelength resonators, the depth of
the slits is given by Ln = snλ0/2N, where λ0 is the design wavelength. Here, we use optimization methods
to tune the geometry of the metamaterial for its spatially-dependent reflection coefficient to match the one of
regular QRD at single frequency. The resulting geometry is shown in Fig. 3 (a1). Figure 3 (a2) shows the
phase of the reflection coefficient along the surface for a N = 5 QRD with a design frequency of 500 Hz
and a total thickness of L = 27.4 cm, and a QR-metadiffuser of L = 2 cm thickness and M = 2 Helmholtz
resonators of same dimensions, calculated using the transfer matrix method (TMM). Perfect agreement is found
between the reflection coefficients of the QR-metadiffuser and the targeted phase grating QRD. The near field
pressure distributions are shown in Figs. 3 (a3-a4) for the QR-metadiffuser and a QRD. Excellent agreement
is observed between both diffusers, where it is clear how the field is scattered in other directions rather than
specular one. Figure 3 (a5) shows the far-field calculation for both structures considering 6 repetitions of the
unit cell in order to clearly generate the characteristic set of diffraction grating lobes of the QRD in the far-field.
Excellent agreement is obtained with the polar response using the TMM and a full-wave numerical solution
using the finite element method (FEM) accounting for the thermo-viscous losses. Notice that the presented
QR-metadiffuser is 17.1 times thinner than the usual QRD (34 times smaller than the QRD design wavelength).

5 PRIMITIVE ROOT METADIFFUSERS
The second numerical sequence presented here is the primitive root sequence, given by sn = rnmodP, where P
is a prime number and r is the primitive root of P. The primitive root sequence have N = P−1 different values.
A primitive root diffuser (PRD) is constructed using a set of N wells with depths Ln = snλ0/2N. The scattered
field by these diffusers presents a notch at specular directions at multiples of the design frequency [14]. The
obtained PR-metadiffuser design is shown in Figure 3 (b1) and the corresponding geometrical parameters of the
PR-metadiffuser are listed in Table 2 of Ref.[13]. Figure 3 (b2) show both the phase of the spatially-dependent
reflection coefficient of a P = 7 phase grating PRD of thickness L = 17.1 cm with d = 7 cm, and for a PR-
metadiffuser of L = 3.5 cm and M = 1 HR with the same lateral dimensions. Excellent agreement is found
between both responses. Figures 3 (b3-b4) show the near field corresponding to the PR-metadiffuser and a
reference PRD. The characteristic notch is observed at normal reflection angle, i.e., θ = 0. Note, because the
structures are not symmetric, neither is the field. The far-field is presented in Fig. 3 (b5), where good agreement
is found between the theory and the full-wave numerical solutions. Both panels produce the same scattering, but
the thickness of the PR-metadiffuser is around 10 times thinner than the phase grating PRD (20 times smaller
than the design wavelength).

6 BROADBAND OPTIMAL METADIFFUSERS
To obtain a metadiffuser useful for room acoustic applications, its diffusion must be broadened in frequency.
Thus, we extend the bandwidth of the optimization procedure. In particular, we look for deep-subwavelength
thickness metadiffusers presenting maximum normalized diffusion coefficient in the frequency range from 250
Hz to 2 kHz. A set of N = 11 slits separated by d = 12 cm was used, and the thickness of the panel was
constrained to L = 3 cm. Figure 4 (a) shows the frequency dependent diffusion coefficient calculated according
to ISO 17497-2:2012 normalized to a flat reflector of same dimensions for a thick QRD with a design frequency
of 250 Hz (LQRD = 56 cm), a thin QRD with the same thickness of the metadiffuser LQRD,thin = 3 cm, and the
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optimized metadiffuser. Over the optimized frequency range, the diffusion coefficient of the metadiffuser takes
a mean value of δn ≈ 0.65, with peaks of δn = 0.91. When compared to the thick QRD, its frequency band is
extended to one octave below while the metadiffuser thickness is 46 times smaller than the wavelength.
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Figure 4. (a) Normalized diffusion coefficient of a 3 cm QRD (dashed black), 56 cm QRD (dashed-dotted red) and optimized
metadiffuser using TMM (blue) integrated in third of octaves. The third octave integration is shown in thick lines according to ISO
17497-2:2012.

7 CONCLUSIONS
We have presented a novel concept of sound diffuser called metadiffusers. These new structures are based on
metamaterials comprising slotted panel, with slits loaded by a set of Helmholtz resonators. The propagation
inside each slit presents strong dispersion and the sound speed can be significantly reduced so that each slit
effectively behaves as a deep-subwavelength resonator. Different designs were presented based on number-
theoretical sequences as quadratic residue and primary root sequences. It was shown that the structures can be
optimized to work in a broadband frequency range covering 3 octaves. In particular, we presented a 3 cm thick
diffuser efficient from 250 to 2000 Hz, demonstrating the potential of the metadiffusers to be used in critical
listening environments due to their deep-subwavelength nature: the thickness of the panel was 1/46 times the
wavelength corresponding to the lowest working frequency, i.e., about a twenty times thinner than the traditional
designs.
Finally, it should be remarked that the performance of the panel drops off at high frequency, which is not
desirable for an acoustic diffuser high frequency diffusion prevents perceptual aberrations. This will be achieved
in future studies by modifying the metamaterial structure.
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[Perfect acoustic absorption in deep sub-wavelength structures for the ventila-
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Abstract
In this work we report a mechanisms providing symmetric perfect acoustic absorption by sub-wavelength struc-
tures in the ventilation problem. While in the problem of reflection the mechanism consists in critically coupling
a single resonance independently of its nature, the problem of transmission becomes more complicated and a
degenerate resonator with symmetric and antisymmetric resonances should be designed with both resonances
critically coupled. The system analyzed in this work is made by a panel with a periodic distribution of slits, the
upper wall of which are loaded by Helmholtz Resonators. The propagation in the slit is highly dispersive due
to the presence of the resonators, producing a slow sound propagation before the resonance, and down shifting
it to low frequencies. By controlling the geometry of the resonator, the visco-thermal losses can be tuned in
order to compensate the leakage of the system and fulfill the critical coupling condition so activating the perfect
absorption of sound. In the case of transmission, a double slit is needed, one acting as symmetric and the other
one as antisymmetric resonators.
Keywords: Acoustic metamaterials, Acoustic metasurfaces, Perfect absorption

The ability to perfectly absorb an incoming wave field by a sub-wavelength material is advantageous for several
applications in wave physics. This challenge requires to solve a complex problem: reducing the geometric
dimensions of the structure while increasing the density of states at low frequencies and finding the good
conditions to match the impedance to the background medium. A successful approach for increasing the density
of states at low frequencies with reduced dimensions is the use of metamaterials. Recently, several possibilities
based on these systems made of open lossy resonant building blocks have been proposed to design sound
absorbing structures which can present simultaneously sub-wavelength dimensions and strong acoustic absorption
[1, 2]. Among them, Helmholtz resonators (HRs) have been shown as potential candidates to solve the problem
due to the tunable possibilities they offer [1, 2, 3, 4, 5, 6, 7, 8, 9, 10].
These open resonant lossy systems, at the resonant frequency, are characterized by both the leakage rate of
energy (i.e., the coupling of the resonant elements with the propagating medium) and the intrinsic losses of the
resonator. The interaction of an incoming wave with this lossy resonant structure, in particular, the impedance
matching with the background field, can be achieved when the energy leakage perfectly compensates the inher-
ent losses. This is known as the critical coupling condition, allowing the energy to be trap around the resonant
elements and generating a maximum of energy absorption. In the case of reflecting system (one port systems),
either symmetric or antisymmetric resonances that are critically coupled can be used to obtain perfect absorp-
tion of energy by a perfect trapping of energy around the resonators. In the case of transmission systems,
degenerate critically coupled resonators with symmetric and antisymmetric resonances or systems with broken
symmetry can be used to perfectly absorb the incoming energy. In this work we report the possibility to create
degenerate resonators.
This methodology has been shown as an efficient tool to design broadband acoustic absorbers in the low fre-
quency range. In our case, fine tuning of the losses [11, 12] and of the geometric characteristics [13, 14] of
the sub-wavelength resonators leads to the crossing of the complex zeros of the eigenvalues of the scattering
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matrix with the real axis which signifies the perfect absorption condition. This methodology has been also used
to design efficient broadband absorbers in the low frequency regime.
Let us consider a two-port, one-dimensional and reciprocal scattering process. The relation between the ampli-
tudes of the incoming (a, d), and outcoming (b, c) waves, on both sides of the scatterer Σ, is given by(

c
b

)
= S( f )

(
a
d

)
=

(
T R+

R− T

)(
a
d

)
, (1)

where S( f ) is the scattering matrix (S-matrix), f is the incident wave frequency, T is the complex transmission
coefficient, R− and R+ are the complex reflection coefficients for left (−) and right (+) incidence, respectively.
In this work, the time dependence convention of the harmonic regime is e−iωt , and it will be omitted in the
following. The eigenvalues of the S-matrix are expressed as λ1,2 = T ± [R−R+]1/2 and the eigenvectors of the

system are v1 = (v11,v12) =
(

R+,−
√

R+R−
)

and v2 = (v21,v22) =
(√

R+R−,R+
)

. Therefore, the ratio of the

eigenvector components v1i and v2i is v2i/v1i = (−1)i(R−/R+)1/2. A zero eigenvalue of the S-matrix corresponds
to the case in which the incident waves can be completely absorbed (b = c = 0). This, called coherent perfect
absorption (CPA) [?], happens when T = ±[R−R+]1/2 and the incident waves a,d correspond to the relevant
eigenvector.
If the scatterer Σ is mirror symmetric, R+ = R− ≡ R and the problem can be reduced to two uncoupled sub-
problems by choosing incident waves that are symmetric or antisymmetric with the reflection coefficients Rs =
R+T and Ra = R−T . In particular, the reflection and transmission coefficients of the initial problem can be
expressed as R = (Rs +Ra)/2, and T = (Rs−Ra)/2 while the eigenvalues of the S-matrix can be written as
λ1 = Rs and λ2 =−Ra. For an one-sided incident wave, the absorption coefficient defined as α = 1−|R|2−|T |2
becomes α = (αs +αa)/2, where αs ≡ 1−|Rs|2 and αa ≡ 1−|Ra|2. Achieving α( fmax) = 1 at a frequency fmax,
is equivalent to getting simultaneously the minima of the reflection coefficients of the two sub-problems, i.e.,
Ra( fmax) = Rs( fmax) = 0 [αs( fmax) = αa( fmax) = 1]. This has been achieved in Ref. [?] for a mirror symmetric
slab through intensive numerical calculations.
In this talk we analyze the perfect absorption in ventilation problems by using mirror symmetric scatterers made
by a panel with a periodic distribution of slits, the upper wall of which are loaded by Helmholtz Resonators.
The propagation in the slit is highly dispersive due to the presence of the resonators, producing a slow sound
propagation before the resonance, and down shifting it to low frequencies. By controlling the geometry of the
resonator, the visco-thermal losses can be tuned in order to compensate the leakage of the system and fulfill the
critical coupling condition so activating the perfect absorption of sound. In the case of transmission, a double
slit is needed, one acting as symmetric and the other one as antisymmetric resonators.
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ABSTRACT 
Lately have the demands on good room acoustics in public ordinary rooms increased. Traditionally has only 
reverberation time been considered in this type of rooms but complementary parameters as sound strength 
and speech clarity are more commonly used today. This trend naturally implies higher demands on the 
acoustic treatment. 

Typical for public ordinary rooms is to use an absorbent ceiling. One way to further improve the acoustic 
properties is to complement the ceiling treatment with diffusers. To investigate the effect of combining these 
two types of acoustic treatments have measurements been carried out combing different setups of diffusers 
in a reverberant room with an absorbent ceiling. The impact on reverberation time, speech clarity and sound 
strength has been studied. 

In this paper we present how diffusers can be used in order to improve the acoustic properties in a public 
ordinary room with an absorbent ceiling and how the pattern and orientation of diffusers can be used to adjust 
different acoustic parameters. 
 
Keywords: Absorbent ceiling, Diffusers, Speech clarity 
 

1. INTRODUCTION 
Contribution of early reflections is of importance in rooms for speech. In acoustic design of 
performance spaces as auditoria and theaters has parameters considering the early reflections been 
included for many years. Several researchers recommends higher effort on considering these 
parameters also in rooms for speech [1] [2] [3]. 
 
The traditional acoustic treatment for public ordinary rooms, such as classrooms and offices,  is an 
absorbent ceiling. Nilsson has showed how furniture contributes to a more diffuse sound field and by 
that improving the acoustic parameters reverberation time and speech clarity [4]. Choi has made a 
study, in 1/10 scale, on the combination of absorbers and diffusers, showing that the combination of 
these two different types of acoustic treatments were the most preferable for reverberation time, 
speech clarity and sound strength [5].  
 
An advantage by treating the acoustics also with diffusers in these type of rooms is that the sound 
energy is conserved in the room [6]. By choosing the right design and pattern of the diffusers could 
certain frequencies be treated and room acoustic parameters be improved. The use of diffusers could 
also open up for more esthetical freedom for interior designers. 

 
This paper presents the results from an investigating using adaptive diffusers specially designed for 
rooms with absorptive ceilings. It is investigated how the amount, orientation and pattern of 
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diffusers effects the equivalent scattered absorption area (Asc). Further is the relation between Asc 
and the room acoustic parameters reverberation time, speech clarity and sound strength investigated. 

2. METHOD 

2.1 Room configuration and measurement method 
Measurements have been carried out in a reverberation chamber. A highly absorptive ceiling, αp of 1, for the 
frequency range 500 Hz to 4000 Hz, was installed at height 2,70 m. The area of the chamber was 
3,6 x 4,00 m2. 

 
Figure 1 Sketch of reverberation chamber used for the measurements. 

Reverberation time [7] and speech clarity [8] has been evaluated from the impulse response measured 
from an omni directional sound source. A constant sound power source was used to evaluate the sound 
strength [8]. 
 

2.2 Diffuser design 
The design of the diffusers used in the study is showed in Figure 2. The frequencies of interest in this 
case were 2000 Hz and 4000 Hz. The results for reverberation time, speech clarity and sound strength 
were thereby evaluated for these frequencies. 
 
 

 
Figure 2 Sketch of diffuser used in the test. 

2282



 

 

 

2.3 Equivalent scattering absorption area (Asc) 
A Statistical Energy Analysis (SEA) model [9] developed for characterization of the energy decay in rooms 
with absorbent ceiling treatment has been applied in the analysis. In these type of rooms can the sound field 
be subdivided into a grazing and non-grazing part where the grazing field comprises waves propagating 
almost parallel to the ceiling.  
 
To quantify the scattering effect of furniture or other sound diffusing objects a parameter called equivalent 
scattering absorption area (Asc) is introduced. In an SEA terminology the Asc is interpreted as a coupling 
loss factor describing the energy transfer between the grazing and non-grazing sound field. The Asc is given 
by  
 

 (1) 

where  
V is the room volume,   
ω the radian frequency and  
c the speed of sound.  
 
Assuming that the subdivision into a grazing and non-grazing part still is justified after introducing the sound 
diffusing objects the Asc is approximately given by 
 

 (2) 
 
where 
V is the room volume, 
T20, with is the reverberation time with diffusers and 
T20, without is the reverberation time without diffusers 
 
Equation (2) is a two-dimensional equivalent to Sabine formula.  

2.4 Diffuser configurations 
17 configurations were evaluated. These configurations include different directions of diffusers, different 
amount of diffusers and diffusers installed in different patterns. Description of all configurations can be find 
in Table 1 and are visualized in Figure 3 (configurations with both vertically and horizontally oriented 
diffusers) and Figure 4 (configurations that were evaluated for only vertically oriented diffusers). 
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Table 1 Description of the configurations. 

Configuration Number of diffusers Orientation Pattern 
1 12 Vertical Vertical rows 
2 12 Horizontal Vertical rows 
3 24 Vertical Vertical rows 
4 24 Horizontal Vertical rows 
5 24 Vertical One full wall 
6 24 Horizontal One full wall 
7 48 Vertical Two full walls 
8 48 Horizontal Two full walls 
9 12 Vertical Chess 
10 12 Horizontal Chess 
11 24 Vertical Chess 
12 24 Horizontal Chess 
13 20 Vertical Chess 
14 10 Vertical Chess 
15 2 Vertical Chess 
16 24 Vertical Horizontal rows 
17 8 Vertical Horizontal rows 

 
 

   
Figure 3 Configurations with vertically and horizontally oriented diffusers. 

 
Figure 4 Configurations with vertically oriented diffusers. 

The effect on the acoustic parameters reverberation time, speech clarity and sound strength was related to the 
number of diffusers and to Asc, calculated according to Eq. (2) in order to investigate the impact of different 
diffuser directions and the installation pattern. 
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3. RESULT 
The equivalent scattered absorption area (Asc) was calculated according to Eq (2). The Asc values increase 
with the number of diffusers but the result shows also that same amount of diffusers can give different Asc 
depending of the pattern of which the diffusers are positioned. This is seen for both vertically and horizontally 
oriented diffusers. It should be observed that the same number of diffusers gives significantly higher Asc 
values for vertically oriented diffusers compared to horizontally oriented diffusers. Asc related to the number 
of diffusers is shown in Figure 5 and Figure 6. Figure 5 presents the values for vertically oriented diffusers 
and Figure 6 presents the results for the horizontally oriented diffusers.  

 

 

Figure 5 Equivalent scattered absorption area, vertically oriented diffusers, depending on the number of diffusers. 

 
Figure 6 Equivalent scattered absorption area, horizontally oriented diffusers, depending on the number of diffusers. 

The relation between Asc and the acoustic parameters reverberation time and speech clarity has been 
evaluated. This evaluation indicates that similar behavior are achieved in T20 and C50 when relating these 
parameters to Asc even if the pattern or orientation of the diffusers differs. The results of T20 and C50 related 
to Asc is presented in Figure 7 and Figure 8. The graphs to the left are the results for vertically oriented 
diffusers and the figures to the right presents the results for horizontally oriented diffusers. It is important to 
observe the different scale on the x-axis and that the number of diffusers to reach a certain Asc value differs 
between the left and right figures. 
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Figure 7 Reverberation time depending on Asc for vertically, to the left, and horizontally, to the right, oriented diffusers. 

Figure 8 Speech clarity depending on Asc for vertically, to the left, and horizontally, to the right, oriented diffusers. 

The acoustic parameter sound strength (G) was also evaluated in relation to Asc. The results show that just a 
small effect on G is achieved by using diffusers. Further is no obvious trend seen in the relation between G 
and Asc, as for T20 and C50. The result of G related to Asc is shown in Figure 9. This figure includes both 
vertically oriented diffusers and horizontally oriented diffusers.   

 

Figure 9 Sound strength related to Asc for vertically and horizontally oriented diffusers. 
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4. DISCUSSION 
The results show that the orientation, in terms of vertically and horizontally, of the diffusers as well 
as the pattern of how these are installed influences the equivalent scattered absorption area  (Asc). 
Vertically oriented diffusers gave significantly higher Asc than horizontally oriented diffusers when 
same amount of diffusers were compared. This can be explained by the direction of which the sound 
waves are reflected. The vertically oriented diffusers contribute with a higher extent to the diffuse 
sound field by disturbing the grazing field. Further will the vertically oriented diffusers direct the 
sound to the absorbent ceiling. 
 
Concerning the patterns was it found that Asc, for configurations with same amount of diffusers but 
with different patterns, was higher for the chess pattern compared with vertical row pattern. Further 
gave diffusers organized in horizontal rows higher values than the chess pattern. This was valid for 
both 2000 Hz and 4000 Hz and can to some extent be explained by how the diffusers are exposed 
related to the sound field. The design, in terms of the construction of edges etc may have an influence.  
 
A correlation can be seen between the Asc values and the acoustic parameters reverberation time and 
speech clarity, in both 2000 Hz and 4000 Hz. Similar values are found for vertically oriented diffusers 
and horizontally oriented diffusers when relating it to Asc values. Comparing Asc values seems to be 
a good indicator for the effect on the acoustic parameters reverberation time and speech clarity. More 
research is needed on how to estimate the effect of a diffuser depending on the pattern. The re lation 
between the pattern, Asc, C50 and T20 may also be investigated in different room dimensions with 
more realistic conditions. 
 
Concerning sound strength, just a small change was seen when using diffusers. Since strength, 
opposite reverberation time and speech clarity, is related to the steady state condition it is closer 
determined by the diffuse field assumption. Thereby is strength more influenced by the total 
absorption in the room and less by the scattering. Combining diffusers and absorbent treatment is 
thereby of interest to investigate further in order to improve the acoustics in public ordinary rooms. 
 

5. CONCLUSION 
The direction, amount and pattern of diffusers will have an impact on the efficiency of the diffuser. Further 
is the design of the diffuser important, in terms of the frequencies in which the diffuser should operate but 
also regarding choices of how it is accomplished.  
 
The Asc value seems to be an appropriate method for quantifying the effect of the diffusers when comparing 
the values to the room acoustic parameters reverberation time and speech clarity. Sound strength will be more 
dependent on the amount of absorption. 
 
This study has been based on measurement in a reverberant chamber, it will be of importance to investigate 
the influence of diffusers in combination with an absorbent ceiling in a real sized room.  
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ABSTRACT 
Diffusive surfaces need to be optimally designed for both acoustic performance and aesthetic values. These 
aspects are at the heart of the design workflow and should respond to the requirements of both architects and 
acousticians. Advances in parametric modelling through digital tools have led to the integration of 
performance investigations and architectural design process. Moreover, parametric modeling software are 
also useful tools for manufacturing. Indeed, they can reduce the production time as they can easily be 
integrated inside the manufacturing process.  

Although, it is more than a decade that the standard ISO 17497:2004 has proposed the scattering 
and diffusion coefficients measurements, further work is needed in order to increase designers’ 
awareness on diffusive surface design through simple design rules and approaches.  

This research goes through three steps. First, it investigates the diffusive surface properties 
databases in order to extrapolate basic geometric guidelines for diffusive surface optimization. Second, 
it analyses a series of case-studies that apply the parametric modeling to the design of diffusive 
surfaces. Finally, it suggests a design process for diffusive surfaces by integrating parametric models 
and acoustic simulation aiming to provide architects and designers with rapid visual and acoustic 
feedback at a preliminary stage of their design. 
 
Keywords: Sound, Simulation, Diffusers, Scattering, Parametric modelling 

1. INTRODUCTION 
Diffusive surfaces are essential elements that determine the acoustic quality in performance spaces 

in terms of first-order reflections control (1, 2). They are used also in other environments, such as 
classrooms or outdoor spaces, to increase speech intelligibility (3) and reduce sound noise levels (4, 
5). Diffusers have continuously challenged acousticians’ abilities in performance and proper use 
within different environments; they have also tackled the creativity of designers, as these surfaces 
strongly determine the visual outcome of the space (6). Only a few documented cases benefited from 
an integrated approach of both these two aspects (7-10). A parametric design thinking (PDT) (11) 
results appropriate and necessary to deal with the complexity of these surfaces. This approach allows 
for a greater level of detail and differentiation for the entire space as well as for each single building 
component. Therefore, further research is needed to highlight the benefits of PDT application to the 
complexity of the design of diffusive surfaces, in order to obtain a richer design and meet the acoustic 
performance requirements. As it is reported in Wortmann and Tunçer (12), the strength of PDT does 
not lie in generating many design variants, but rather in realizing highly specific, differentiated, rule-
based designs. The design process has increased its scale increasing the number of professionals that 
include architects, consultants and contractors. Therefore, it is required to practice PDT for a more 
efficient design process, which highlights the need for software and programming language that allow 
for data exchange. Based on this approach, this work aims to highlight the new perspectives of the 
diffusive surface design that integrate computational and materialization tools. 

Acoustic performance requirements are related to the scattering coefficient and the diffusion 
coefficient (13), introduced in the standard family ISO 17497 (14, 15) which has eased the 
construction of reliable database of scattering and diffusion coefficients (6). These data are not only 
necessary to compare different diffusers but are also adoptable as input data for acoustic simulations 
in the preliminary conceptual or verification phase of the project (16-18). However, these 
measurements are usually costly and time-consuming; therefore, they are mostly limited to research 
and high budget design projects.  

To overcome such limits, accurate prediction models have been validated (19-21), enabling to 
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optimize diffusers and control their properties at different incident angles (22). The most common 
example of optimization concerns the Schroeder diffusors. Cox (23) showed the optimization process 
through iterative boundary element method (BEM) based simulations. Other works showed the 
application of Finite Elements Methods (FEM) and Finite Difference Time Domain (FDTD) for multi-
objective optimization starting from the design of the sonic crystal sound diffuser (SC D) effective at 
low frequencies (24) and sound phase diffusers (25). Orlowski (26) and Cox (27) showed cases of 
curved diffusors optimization, and profiles of optimum diffusers were suggested in Takahashi (28). 
However, the high computational cost of these methods makes them unadoptable in the early design 
stages, when a high number of solutions are rapidly produced and discarded. Therefore, rapidity is 
chosen over accuracy allowing the assessment of non-standardized solutions, which require an 
exchange of information also with the fabrication process aspects. Acoustic performance as a key 
design factor of the built environment has been pointed out in recent studies (29). Reinhardt et al. (8) 
investigated the design affordances of acoustically efficient patterns for sound scattering through 
computational design and robotic fabrication. Peters and Olesen (7) used rapid prototyping for an 
easier fabrication of scattering surfaces samples based on hexagonal elements with varied depth and 
width. The data obtained by measurements according to ISO 17497-1 method were used to inform the 
parametric design tools for the performance optimization. Further, visionary explorations suggest to 
deploy robots to evaluate the designs of diffusive surfaces and directly react on the measured results 
during the fabrication process within a given design framework, i.e. a process of architectural and 
acoustic tuning (29).  

All the presented case studies imply a workflow that includes development of computational design 
tools, geometry generation, fabrication of test surfaces, measurement of acoustic performance, and 
the integration of these data into a generative tool (7-10). This approach is subject to continuous 
evolution and requires a customization of existing software through computer-programming (12). As 
highlighted by Whitehead (30) most designers already think programmatically, but since they are 
lacking the time and the inclination to learn programming skills, they cannot express or explore these 
patterns of thought. Therefore, a new professional figure might be needed to embrace design and 
acoustic knowledge in order to generate valid solutions from both aesthetical and acoustic point of 
view with smaller effort.  

This work aims to give simple geometrical guidelines for the optimization of diffusers performance 
based on a literature review. Second, it analyses four case-studies that apply PDT to diffusive surfaces 
design, in order to identify the workflows of the optimization process. Finally, it suggests a design 
process for diffusive surfaces by integrating parametric models and acoustic simulation aiming to 
provide architects and designers with rapid visual and acoustic feedback at a preliminary design stage. 

2. DIFFUSERS OPTIMIZATION 
The acoustical characterization of diffusive surfaces relies on two standards: ISO 17497-1:2004 

(14) defines the measurement of the random-incidence scattering coefficient in diffuse field as the 
ratio of the non-specularly reflected sound energy to the total reflected energy; ISO 17497-2:2012 
(15) defines the measurement of the directional diffusion coefficient in free-field as a measure of 
diffusers quality. Both these coefficients are frequency dependent single numbers and all the data 
obtained from these measurements makes easier the comparison between different surface treatments 
(13). Diffusers performance optimization aims to maximize both these parameters; to achieve this 
goal, know-how on the acoustic effects of a large number of geometrical variables is necessary. This 
knowledge can be based both on a systematic analysis of the literature and an ad hoc optimization 
when a fabrication system and a measurement set-up can be easily integrated. Furthermore, a 
computational process can be integrated in the design process to exploit the potential of parametric 
modelling of different topologies and deduce design rules. 

  

2.1 Diffusion coefficient optimization  
A good diffuser has the ability to uniformly scatter in all directions, rather than just move energy 

away from the specular angles (22). To this aim, curved diffusive surfaces can easily achieve higher 
uniformity of the polar distribution of the scattered energy. As shown in Cox and D’Antonio (6), 
geometrical elements organized in arrays and modulated, for example, as Schroeder diffusers are 
likely to generate a good spatial distribution. Therefore, an asymmetrical base shape as well as the 
reduction of periodicity are preferred. 

2290



 

 

Two important studies (31, 32) have presented deep-subwavelength diffusing surfaces based on 
acoustic metamaterials, namely metadiffusers. They have redesigned the Schroeder diffusers based on 
the concept of an acoustic metasurface in order to obtain surfaces with broadband uniform spatially 
dependent reflection coefficients optimization. This methodology has led to ultrathin diffusers named 
broadband metadiffuser only 3 cm thick, while conventional solutions are 69 cm thick, effective at 
250Hz. However, they are still at an embryonic stage from the real-world application perspective. 

 
Table 1 – Summary of the design rules for diffusive acoustic surfaces based 

on the design at the level of the single scattering elements 
 

Variable Pattern Design rule Effectiveness on scattering and 
diffusion 

Ref. 

Si
ze

 

Pyramids Increased height  Increase at Low and Mid frequencies (33) 
Extruded profiles 
(Schroeder diffusers) 

Increased height  Increase at Low and Mid frequencies (34) 

3D diffusers Height > 20 cm  Increase at 500-3150Hz. (35) 
Rib structures Height > 18 cm and width of 10 cm  Increase at < 500Hz (36) 

Use of different heights in the same 
panel 

Increase at 125-4000 Hz (smoother 
curve of the frequency dependent 
scattering) 

Periodic type diffusers 
based on rib structures 

Square section (5cm, 10cm and 
22cm) 

Increase at Low and Mid frequencies (3) 

Fractal order Use of different sizes 
simultaneously 

Broadband; Higher uniformity in the 
polar distribution 

(37) 

C
on

fig
ur

at
io

n Random array of cubes 
(20cm) 

Randomization  Increase at 500-1000Hz and at high 
frequencies, starting from 3.15 kHz 

(36, 
38, 
39) 

Penrose configuration. Aperiodic Increase at 500-1000Hz (37) 

C
ov

er
ag

e 
de

ns
ity

 Cubes of 20cm Coverage density around 50%. Broadband (36) 

Hemispheres Coverage density around 57 - 58 % Broadband (38) 
1D, 2D and 3D diffusers 38%, 46% and 57%, respectively. Broadband (35) 

D
is

ta
nc

e Structures of 2.5 cm 20 cm and 40 cm Increase at 500-2000Hz (37) 

Periodic rectangular ribs of 
4.7 cm 

15.1 cm and 30.2cm Decrease of the scattering values in 
the frequency range 500-3150Hz 

(21) 

Pr
of

ile
 s

ha
pe

 

periodical profiles Rectangular, triangular and 
semicircular profiles 

High frequencies are improved by 
triangular and semicircular shapes; 
mid frequencies benefit by the 
rectangular profile 

(40) 

Wave Sine sweep profile Increase High frequencies (41) 
Extruded triangles Triangular profile only for specific generator angles. 

(30°<χ<45°) 
(6) 

Alternation of concave and 
convex surfaces 

Oriented orthogonal to each other Broadband (42) 

Prismatic elements Prismatic elements Lead to higher scattering values 
compared to pyramids or plates of the 
same dimensions 

(37) 

Deep triangular prisms Asymmetric profile Broadband (43) 

2.2 Scattering coefficient optimization 
Table 1 shows a summary of the design rules that can be deduced form the current available 

literature. This data can be useful at the conceptual phase of the design workflow.  
The size of the scattering elements is the first design aspect that can be controlled. The analytical 

model in (13), that is f=c/2a or f=c/2h, shows a linear relation between the frequency and the size 
(a=width or length, and h=height) of the scattering elements and provides the frequency at which 
scattering becomes effective; for smaller frequencies only the specular mode is reflected by the profile. 
However, according to ISO 17497-1 (14), the height of the diffusive elements is restricted to a 
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maximum of 1/16 of the diameter of the measurement rotating table (≈24cm).  

3. EVALUATION OF THE DIFFUSIVE SURFACES 
The above summary shows that the actual know-how on geometrical parameters impacting on 

acoustical performance relies on a great number of measurements. The retrieved database could be 
used to test the accuracy and the reliability of prediction models to further improve the entire 
workflow of a design process. 

3.1 Prediction of Sound Scattering and Diffusion 
Different theoretical models based on FEM and BEM methods have been used to analyze the sound 

waves reflected by a diffusive surface (19). Usually, these methods require advanced theoretical 
knowledge and very long calculation times which prevent an immediate feedback. These drawbacks 
leave designers apart from the acoustical performative investigation of the surfaces they design.  

Acoustic performance of single surfaces can be integrated into architectural design workflows (7-
10) by adopting parametric modeling and computer programming techniques. The most preferred 
environments are usually visual programming environments, such as Grasshopper: it allows the users 
to drag-and-drop predefined operations and connect them into a directed, acyclic graph (44). Acoustic 
analysis within Grasshopper can be made through the plug in Pachyderm Acoustics (45): this software 
package integration allows for the development and investigation of performance driven geometries 
at a higher complexity level. A process rationalization leads to a series of mutually informed 
computational clusters and enables a completely digital workflow from the concept phase to 
manufacturing (46). 

3.2 Fabrication 
The prototyping phase as well as the final output of a design workflow are strongly influenced by 

materialization concepts (47). As shown in Gursoy and Ozkar (48), computational formalisms aim to 
include material aspects of design additional to the visual ones. This  approach can be applied also to 
the integration of the acoustical performance.  

The versatility and adaptability of different fabrication techniques such as 3D printers, CNC 
milling machines, and industrial robots have enabled the exploration of new building techniques as 
well as the generation of very complex surfaces (7-10). Also the fabrication aspects are subject to 
continuous research since there are still limitations regarding the samples size in 3D printed samples 
and the optimization of tool paths in CNC manufacturing. The adoption of robots enables the 
exploration of complex topologies with higher precision, even for scaled surfaces (47). The design 
rules should consider these limitations very carefully since it determines the product costs. 

4. CASE STUDIES 
The approaches introduced below propose the development and testing of a large number of 

alternatives integrating the acoustic performance of diffusive surfaces as one of the design criteria.  
These approaches allow to shift from a validation procedure done at the end of the design process 

to a conceptual design tool that allows acoustics performance to become part of the conceptual 
architectural design strategy (7).  

4.1 Case study 1: Hexagonal structures  
The design workflow proposed by Peters and Olesen (7), shows how the possibility to test and 

measure a large number of cases would allow the computational tools to learn and have higher 
predictability power for future design. Machine learning techniques could help to explore extreme 
design solutions to overcome the current measurement limitations. This workflow relies on the 
following steps (Figure 1): 

(i) Three different topologies have been generated in a first conceptual phase and architectural 
design parameters are specified. (ii) A hexagonal diffusing structures is chosen for the further steps 
using the digital tools (a Microstation Visual Basic) and is parametrically designed based on simple 
rules related to well depth and well width. (iii) Six options at 1:10 scale are fabricated by using a 
2Corps 3D printer and generating circular samples useful for the next step. (iv) The scattering 
coefficient for all these surfaces is measured in agreement with the ISO 17497-1. This is the most 
challenging step, since it is affected by a large number of uncertainty factors. However, it allows to 
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obtain the acoustic effect of the topological parameters, that is, of well depth on the frequency 
distribution of scattering values and well width on its magnitude. These are considered as the acoustic 
design aims. (v) The collected data are used as input for the design tools and allow to explore further 
alternatives without necessarily performing the measurement phase.   

 

 
Figure 1 – Case study 1 workflow: design rules, digital tool, fabrication and measurements details. 

4.2 Case study 2: Micro-Design structures 
Here the conceptual framework and pattern language available for acoustic scattering are extended 

by highly flexible robotic fabrication in a search for “acoustic effects of complex architectural 
geometries” (8). The iterative design process consists of the following steps (Figure 2): 

(i) First, architectural design parameters are set, along with the acoustic design aims (e.g. scattering 
coefficient spectrum). Parametric hexagonal and curvilinear splines are used to obtain two different 
design alternatives through the parametric digital tool GH Grasshopper (a plug-in of McNeel Rhino 
visual scripting environment). Design parameters for hexagonal splines are surface angles, height, 
depth and directionality of the elements; in curvilinear splines, a variable number (up to 9) of attractor 
points are used to orient and control the depth of the created isocurves. (ii) The computational design 
of specific surface micro-geometries is performed. The toolpath of the robot is adjusted in KUKA|prc, 
which is a Rhino McNeel plug-in for fabrication. (iii) A CNC milling and a 7-axis robotic fabrication 
of physical scale model test samples is made in the form of circular samples useful for the next step. 
The samples are designed with 310 mm diameter and 19 mm depth and prototyped in subtractive 
cutting processes in XPS Styrofoam and wood. (iv) Acoustic measurements in a 1:10 scaled 
reverberation room and analysis of sample performance are implemented based on ISO 17497-1. (v) 
Finally, design refinement is made, and further iterations are performed if necessary. At this point the 
angle of the sound reflection is linked to the robotic toolpath, thereby controlling the depth of the 
sample structure in order to obtain the desired reflection through the reverse process. 

 

 
 

Figure 2 – Case study 2 workflow: design rules, digital tool, fabrication and measurements details. 

4.3 Case study 3: Milled wood panels - students workshop 
New simulation methods made possible for architects to calculate and digitally visualize acoustic 

properties and how geometric variations affect its performance (9). The entire workflow is first 
digitally tested; only the final, optimized result is fabricated. This is as an attempt to establish a design 
method that incorporates simulation of acoustic performance and robotic fabrication of milled wood 
panels, based on the following steps (Figure 3): 

 (i) Design geometric specifications are left open to each student in order to explore the limits of 
the design process on creativity and cognitive process. (ii) This case study groups into a computational 
design system four clusters related to (a) the Path Generation, where the user directly manipulates the 
curve-based milling paths and informs the next cluster; b) Geometry Generation cluster, where the 
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user performs a subtractive process of removing material and graphically visualizes the resulting 
milling simulation. The geometries are generated using parametric modelling based on Rhino and 
Grasshoper tools; c) the geometric shape is tested in the Acoustic Analyses cluster through simulations 
with Pachyderm Acoustics and the performance is compared to the chosen target (e.g. high scattering 
coefficient). This step informs the first cluster creating new milling paths and after the second cluster 
step it also generates new optimized shapes; d) the last cluster is named Robotic Simulation and uses 
the KUKAprc package to simulate the fabrication process. An optimization of the fabrication process 
can be performed at this step and inform the first cluster. The simulations hold the potential of acting 
as valuable feedback for the next iteration of re-designed and increasingly informed curve geometry. 
(iii) The optimized solutions are fabricated through a KUKA KR300R2500 with a 7.5KW CNC spindle 
mounted as its end effector. 

The authors have highlighted some of the of the digital tools limitations that made impossible a 
continuous data flow between the four clusters. However, they noted that an immediate visual 
feedback was extremely helpful at the different levels of the workflow. 

 

 
Figure 3 – Case study 3 workflow: design rules, digital tool, and fabrication details. 

 

 
Figure 4 – Case study 4 workflow: design rules, digital tool, fabrication and measurements details.  

 

4.4 Case study 4: Voronoi structure 
This case study aimed to implement a feasible method with a rapid visual feedback that could help 

the designer at the conceptual stage of the design workflow (10). The acoustic performance at this 
phase is mainly digitally tested by limiting the prototyping costs. The following steps are suggested 
(Figure 4): 

(i) Different geometric design rules are used based on those introduced here in Section 2 in order 
to maximize the scattering coefficient and improve the uniformity of the reflections spatial 
distribution The geometry of the bases is a Voronoi function that allowed for a randomized structure 
of the elements. The coverage density, height and dimension of the elements are varied using four 
attraction points. Further, the entire surface is intersected with a curved profile for a more spatial 
reflection distribution uniformity. (ii) A Computational Design System is built with two clusters, that 
are the Geometry Generation and Acoustic Analyses clusters. The first cluster uses Rhino and 
Grasshopper for the parametric modelling. The second cluster uses an ad hoc script integrated in the 
first cluster and informs it on the acoustic performance based on a first qualitative approach that is 
later integrated with a quantitative one that uses Pachyderm Acoustics. (iii) The optimized surface is 
then 3D printed through a Makerbot Replicator 5th generation using PLA. Since the 3D printing 
required a very long production time, a plaster 1:5 model of the complete sample was produced for 
acoustic measurements. (iv) The surface is characterized from the scattering coefficient point of view 
based on ISO 17497-1 measurement approach. The data are used to inform the Geometry Generation 
cluster. 
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5. CONCLUSIONS 
This paper has analyzed different studies, which have investigated the diffusive surface based on 

the ISO 17497-1 standard. The aim was to analyze the geometrical rules tested in each experiment in 
order to give useful and simple guidelines to designers for the optimization of diffusers performance. 
Further aspects could be investigated through BEM or FEM simulations in a more systematic way in 
future work. Four case studies related to the design workflow of diffusive surfaces have been 
compared in terms of design workflow. The analyses showed that besides the need for more insight 
on the performative effects of geometrical rules, there is also a need for a complete computation design 
system that could host different digital tools: Geometry generation, Performative analyses and Robotic 
simulation. These tools could be improved by a more careful attention towards a more user-friendly 
approach based on a proper user-interface and rapid visual performative feedback. 

The design of special patterns of reflection and potentially other unconventional acoustic surface 
such as metamaterials behaviors can be investigated in similar ways.  The design process of diffusive 
surfaces shows, that raising awareness among architect and designers related to the correlation of the 
performative output and geometrical rules, could lead to a more conscious and efficient design of the 
entire space.  
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ABSTRACT 

Multi-objective optimization (MO) techniques have proven to be a very interesting methodology for solving 

design problems in different areas of engineering. Diffuser design problems are another example. When 

designing a diffuser, different features are to be optimized simultaneously, which are usually in opposition. It 

is precisely the latter that encourages the use of MO techniques. The designer chooses the particular features 

to be optimized independently, carries out the optimization, studies the resulting Pareto fronts, and finally 

chooses the optimal diffuser using his preferences a posteriori. This results in more informed and therefore 

more conscientious decision making. This work shows how the MO techniques can be applied in the design 

of diffusers through a series of examples where different characteristics are taken into account: the 

maximization of the diffusion coefficient at a particular frequency range or the minimization of the depth of 

the diffuser. In the last case, we will explore the possibility of changing not only the depth of the wells but as 

well their widths. The study of the Pareto fronts presented shows how the optimal diffuser to choose can be 

susceptible to be different depending on the characteristics most wanted by the designer. 

 

Keywords: Sound diffusers, Room acoustics, Optimization 

1. INTRODUCTION 

Sound diffusers are widely used in the field of room acoustics in order to reduce the effect of low 

frequency modes and to reduce echoes and focalizations and, as a result, improving the diffuseness of 

the sound field. The first sound diffusers were proposed by Schroeder in 1975 [1] and consist of a set 

of wells with different depths that come to modify the phase of sound. This is why they are known as 

Schroeder or phase diffusers. When the variation of the depth of the wells is only in one direction, the 

resultant diffusers are called 1D Schroeder diffusers. Among the different types of Schroeder diffusers, 

the most popular is the 7 wells QR (quadratic residue) diffuser. In this study, and without any loose of 

generality, we will focus in this particular case. Figure 1 illustrates this sound diffuser.  

It is possible to improve the acoustic performance of such devices using several optimization 

techniques, but in all cases until recently, the optimization processes in the field of sound diffusers 

have been carried out with a single-objective function. In 1995 Cox [2] suggested the use of iterative 

methods as downhill simplex and quasi-Newton methods as tools to optimize these diffusers. In this 

case, the objective function used was the “diffusion parameter”, defined as the standard error of the 

sound pressure over the measurement positions, averaged over the desired working frequency range. 

In order to avoid low performance for particular frequencies within that range, a penalty is introduced 

adding the standard error to the frequency averaging. In recent years, volumetric diffusers based on 

arrays of cylindrical scatterers have been developed using evolutionary algorithms along to a 

two-dimensional Fourier approximation [3]. In this case, the algorithms are used to minimize the 

standard diffusion coefficient and the optimization is carried out by removing or varying the diameter 
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of a set of cylinders located in a periodic rectangular array, creating pseudorandom arrays with a high 

diffusion performance. 

More recently, unlike optimization processes used so far in which a single cost function is 

considered, two papers have demonstrated the potential of the use of multiobjective algorithms when 

designing sound diffusers. In the first one [4], authors proposed the use of multiobjective algorithms 

for the optimization of sound diffusers in a wide frequency range with a small variation of the 

performance in that frequency range. In the second one [5] multiobjective algorithms were used to 

optimize sound diffusers based on sonic crystals. In this case the aim was to optimize the performance 

of the diffusers at low frequencies. 

The following sections will briefly discuss the phases of the optimization process and present 

different alternatives in the design objectives that will serve to illustrate the versatility of the use of 

multi-objective algorithms for the optimization of sound diffusers.  

1.1 Quantification of the performance of sound diffusers 

As will be shown below one of the crucial points in the optimization process is the prediction of the 

performance of potential candidates. The quantification of the effect of a diffuser is given by two ISO 

standards [6-7]. In this work we will follow the standard ISO 17497-2 2012 [7], based on the 

measurement of the reflected sound pressure over a range of angles, between −90º and 90º in steps of 

5º (37 measurements in total). For this purpose a microphone is sequentially positioned along a 

semi-circumference centered in the middle point of the test sample, which is composed by an array of 

at least three diffusers (with seven wells each one). The original signal has to be windowed in order to 

separate the reflected sound from the direct sound. The parameter measured using this technique is 

known as the diffusion coefficient: 

𝑑′𝑗 = [(∑ 𝑝𝑖𝑗
2

𝑛

𝑖=1

)

2

− ∑(𝑝𝑖𝑗
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where d’j is the diffusion coefficient for the j-th one-third octave band considered, pij is the reflected 

sound pressure for the j-th one-third octave band considered at the i-th measurement position, and n is 

the number of measurement positions (n = 37). This diffusion coefficient has to be averaged for 

different incidence angles (in our case 3). To normalize this diffusion coefficient from zero to one, it is 

compared with that of a flat surface. The purpose of normalization is to remove edge diffraction 

scattering effects due to the limited size of the sample under analysis. The normalized diffusion 

coefficient, dj, for the j-th one-third octave band considered, is defined as: 

𝑑𝑗 = (𝑑′𝑗 − 𝑑𝑗,𝑟𝑒𝑓)/(𝑑′𝑗 − 𝑑𝑗,𝑟𝑒𝑓) (2) 

where dj,ref is the diffusion coefficient of a flat panel for the j-th one-third octave band considered. As 

a result, dj is equal to zero for all frequencies in the case of a flat surface.  

All these coefficients require tedious measurements in an anechoic environment unless numerical 

methods are available. In particular BEM is a well-established method that can be used for this purpose 

[8]. Since the classical geometry of a QR diffuser will be modelled, special care must be taken in order 

to apply the BEM to solve the problem. Indeed, the presence of the walls separating the diffuser’s wells 

originates very thin surfaces which typically lead the direct BEM formulation to degenerate and lead to 

unstable equation systems. For this reason, a dual-BEM formulation is used here, in which the direct 

BEM integral equation (see equation (3)) is complemented by the so-called hypersingular BEM 

equation (see equation (4)). Details of this formulation can be found in [9], and thus only a general 

overview is here given regarding the BEM. 

The classical boundary integral equation can be derived from the Helmholtz equation in the 

frequency domain by applying the reciprocity theorem, and in the case of rigid boundaries it can be 

written as: 

𝐶 𝑝(𝐱0, 𝜔) = − ∫ 𝐻(𝐱, 𝐱0, 𝜔, 𝐧) 𝑝(𝐱, 𝜔)𝑑Γ

 

Γ

+ 𝑝𝑖𝑛𝑐(𝐱0, 𝐱𝑆, 𝜔) (3) 

where  represents the Green’s function for the pressure defined before, and H is its first derivative 

with respect to the normal direction to the boundary ; similarly, p and q are the pressure and its first 

derivative in the normal direction to the boundary (n), at point x; pinc(x0,xs,) represents the effect of 

a possible acoustic source located at point x0. The factor C equals 1/2 if x, and 1 for points not in 
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the boundary but within the domain (x). 

The hypersingular boundary integral equation can be derived by taking the first derivative of 

equation (3) with respect to the surface normal, and thus the required additional integral equation can 

be expressed as: 

𝐴 𝑝(𝐱0, 𝜔) = − ∫ 𝐻′(𝐱, 𝐱0, 𝜔, 𝐧, 𝐧𝟐) 𝑝(𝐱, 𝜔)𝑑Γ

 

Γ

+ 𝑝′𝑖𝑛𝑐(𝐱0, 𝐱𝑆, 𝜔) (4) 

The Green's functions G’ and H’ can be seen as the derivatives of G and H with respect to the 

normal to the boundary at the loaded point, n2. In this equation, the factor A equals zero for piecewise 

straight boundary elements. 

This formulation is used to analyse each configuration of the diffuser, allowing to compute the 

sound pressure scattered by the diffuser at any point of the acoustic domain. It is thus called multiple 

times from within the optimization algorithm, allowing the evaluation of the defined cost function for 

each individual. 

2. OPTIMIZATION OF SCHROEDER DIFFUSERS WITH MULTIOBJECTIVE 

ALGORITHMS 

In this section we will briefly explain the fundamental steps in an optimization process. The first 

step is to parametrize the design, or in other words, to establish the genes of the candidates. The second 

step is to stablish the metrics for the performance of each candidate. We will present here a few 

examples of the so called cost functions than can be used in the particular case of sound diffusers.  

2.1 Codification 

The first step in using an evolutionary algorithm is to choose a genetic coding of the possible 

candidates. In the case of a Schroeder diffuser the coding is especially simple as there are no 

constraints. Individuals will be coded using a series of genes proportional to the depth of each of the 

well. Thus, in this case, each individual is given by 7 values (genes) that represent the set of depths of 

the wells that conform the diffuser. A step of one centimeter has been chosen giving rise to 35 possible 

values, given that, for convenience the depth has been limited to half a wavelength at 500 Hz, i.e. 34 

cm. Thus, the value 1 represents a slot of maximum depth, 34 cm. Figure 1 illustrates the codification 

of a 7 wells QR diffuser. For the sake of convenience, the width of the diffuser has been set to 1 meter. 

 

Figure 1 – Schematic of the 7 wells diffuser to be optimized 

 

2.2 Cost Functions 

It can be said that the most important step of an optimization is to define the target. For this purpose 

it is necessary to define cost functions, also called objective functions, that measure the "distance" to 

the optimum. In multi-objective processes such as those discussed here, it is necessary to define at 

least two objectives. For the sake of brevity in this work we will limit to the use of two cost functions. 

However, we will define several objective functions that in the results section will be combi ned in 

pairs and compared to each other. 
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The cost functions must be chosen by the designer taking into account the specific needs of the 

room or rooms where the diffusers will be installed. In this fact lies the versatility of optimization in 

general and multi-objective optimization in particular. We would like to highlight the flexibility of the 

approach concerning the target and the frequency range of optimization, because the final choice in the 

optimization process will depend on the particular problem to be solved by the diffusor, for instance 

flutter echoes or room modes. In each case a cost function could result better than other one.  

Without any loose of generality we will define all the cost functions as distances to the optimum 

case, or in other words, the cost functions will take the value 0 in the best case. Also, where possible, 

the value 1 will be assigned to the worst case. 

The first cost function to be considered will be the average value of the diffusion coefficient in the 

mean frequency range adapted to be 0 in the best case, i.e.: 

The first three cost functions are defined to study the particular case where only the mean frequency 

range is to be optimized. So, only the one third octave bands with central frequencies 400Hz, 500Hz, 

630Hz, 800Hz, 1000Hz and 1250Hz (i.e, octave bands between 7 and 12) will be considered. We are 

assuming that the whole frequency range is formed by the low frequency range (bands from 1 to 6), the 

mean frequency range (bands from 7 to 12) and the high frequency range (bands 13 to 18) 

The first Cost Function that we suggest corresponds to the average of the normalized diffusion 

coefficient in the mean frequency range, namely: 

𝐽𝑚𝑒𝑎𝑛 = 1 − 𝑑𝑚𝑒𝑎𝑛 = 1 − ∑ 𝑑𝑗/6

12

𝑗=7

 (5) 

As commented before in [2] authors suggest the use of a penalty in the cost function in order to 

avoid low performance. Two alternatives can be define in this sense.  

The most evident is the use of the standard deviation of d in the optimization frequency range. In 

our case: 

𝐽𝑣𝑎𝑟 = √∑(𝑑𝑚𝑒𝑎𝑛 − 𝑑𝑗)𝑑2

12

𝑗=7

/5 (6) 

The second option is to include the minimum value of the diffusion coefficient in the optimization 

frequency range, namely: 

𝐽𝑚𝑖𝑛 = 1 − 𝑑𝑚𝑖𝑛 (7) 

Thus, Jmean should be used in combination with either Jvar or Jmin to avoid the appearance of very 

irregular frequency dependencies along the frequency domain being optimized.  

It is well known that the minimum frequency with significant diffusion depends on the dimensions 

of the diffuser, fundamentally on the maximum depth of the diffuser. As a result, when attempting to 

solve the problems associated with the formation of room modes that usually are more problematic at 

low frequencies, the use of excessively deep diffusers is involved. In order to reduce the minimum 

working frequency without excessively increasing the depth, we propose two additional cost 

functions: 

𝐽𝑓𝑚𝑖𝑛 = 𝑓𝑚𝑖𝑛 (8) 

where fmin is the lowest frequency with a value of the diffusion coefficient larger than 0.35. The value 

of 0'35 is arbitrary and has been chosen as it is approximately half the maximum value observed in a 

quadratic residue diffuser. Additionally another cost function is introduced to take into account the 

depth of the diffuser. 

𝐽𝑑𝑒𝑝𝑡ℎ = 𝑚𝑎𝑥𝑑𝑒𝑝𝑡ℎ (9) 

The problem with the definition of Jfmin is that the diffusion coefficient can oscillate once the 

threshold is exceeded, falling back below that value (see figure 2). In the following, the highest cut -off 

value between the line defined by the diffusion coefficient and the threshold, i.e. the point to the right 

of figure 2, will be used. 
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Figure 2 – Normalized diffusion coefficient versus frequency of a candidate with a very uneven behavior. 

Red dots correspond to three crossings with the threshold 0.35. 

2.3 Optimization Process 

The optimization process itself begins by generating an initial population, in principle randomly. In 

this population, cost functions are evaluated and the initial set of optimal individuals is detected. This 

group is known as the Pareto front. The optimal individuals are those that are dominant over the rest of 

the population, that is, there is no other individual whose values of any of the two Cost Functions (J) 

considered in each case are lower (Figure 3). 

 

 
Figure 2 – Representation of the dominance criterion. Individuals in red are dominant, since no 

other individual is better for both criteria simultaneously. 

 

Then begins the process of optimization by crossing individuals. Two individuals are randomly 

chosen from the initial population and their genes are randomly combined, just as in nature children 

randomly possess part of the genetic information of their two parents. Also, with a certain probability, 

in general very low, mutations are established from individuals also chosen at random. Subsequently, 

the values of the cost functions of the new individuals thus obtained are calculated. To maintain the 

size of the population throughout the process, the appearance of new individuals implies the 

elimination of individuals previously present in the population from among those who are not part of 

Pareto's front. The whole process is repeated a finite number of times, or in other words, a certain 

number of generations. 
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In the present work an initial population of 2000 individuals has been considered and the system 

has been allowed to evolve a number of generations of the same order. When it is observed that 

Pareto's front tends to stabilize which is a first indicator that the process has been saturated and no 

better solutions can be found than those already found. 

In this work we have run three different optimization processes. The first two ones correspond to 

the typical optimization in a relatively wide frequency range. The latter consists of minimizing the 

thickness of the diffuser without shifting the working range of the diffuser to high frequencies. 

Namely,  

a. Jmean and Jvar 

b. Jmean and Jmin 

c. Jfmin and Jdepth 

For convenience in this paper we will use a well stablish multi objective evolutionary technique 

called evMOGA. Further details can be found at [10]. 

2.4 Selection of optimals 

In order to choose the best individual we suggest the addition of a supplementary criterion: 

robustness. This parameter measures the degree in which the values of the cost functions are affected 

by small changes in depths of the wells that appears in the process of manufacturing a sound diffuser. 

It is very inadequate to choose a sound diffusers that is too sensitive to these small changes. For the 

shake of brevity we will not include in this paper any additional plot with robustness analysis. Further 

details can be found at [5]. 

3. RESULTS AND DISCUSSION 

3.1 Optimization of the diffusion coefficient in a wide frequency range 

The results of the first two optimizations, Jmean&Jvar and Jmean&Jmin, are illustrated in figures 3 and 

4. Actually figure 4 is just a zoomed version of figure 3. For convenience a single objective 

optimization has been carried out with the cost function Jmean.  

The first thing to note is that all optimizations produce diffusers with better performance than the 

conventional QR diffuser. When comparing the two multi-objective optimizations it is detected that 

part of the individuals of each optimization are dominant for the other. Each optimization seems not to 

find individuals with extreme values of the second cost function, i.e., low standard deviation for the 

second optimization or high dmin for the first. It would therefore be possible to combine the results of 

both and start a new optimization. 

 

  
Figure 3. Optimizations results. Left, Jmean vs Jvar. Right, Jmean vs Jmin. Black dots: initial 

population; blue points: Pareto front of Jmean&Jvar; red points: Pareto front of Jmean&Jmin; green square, 

conventional QR diffuser; green diamond, mono-objective optimization result. Dotted rectangle, zoom 

for figure 4. 

 

On the other hand, single objective optimization provides a high average value of the diffusion 

coefficient (low Jmean) surpassing the results of multiobjective optimizations for this parameter. 

Moreover, in the case of the second optimization, the value of dmin is also exceeded. This seems to 
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indicate that the optimization Jmean&Jmin is not adequate in this case. This is not the case for Jmean&Jvar 

where the optimal individual of the single objective optimization would be no more than one 

additional point on Pareto's front far from those points with more constant diffusion coefficients 

throughout the optimization frequency range. 

  
Figure 4. Zoomed version of figure 3 

 

Traditionally, the use of several criteria in a mono-objective optimization process was achieved by 

averaging all the criteria to be considered. For instance in [2] two different cost functions w ere use, 

one to estimate the diffusion of a given surface averaged over the optimization frequency range, and 

another to avoid large variations of the diffusion in that range. This is equivalent to add the two Cost 

Functions so that J=Jmean + Jvar. In doing so, we are assigning the same relevance to both criteria. A 

more general definition will add a weighting coefficient to give different relevance to each criteria, 

i.e.: J=·Jmean + (1-) Jvar. 

In a conventional single-objective optimization using a weighted combination of Cost Functions, 

the relative relevance of each of the objectives () has to be fixed before running the process. On the 

contrary, in a multi-objective optimization, the relative relevance is stablished after the optimization 

process, during the decision making, when one of the individuals of the Pareto front is selected.  

3.2 Minimization of the thickness of the diffuser 

The optimization results for this case are summarized in Figure 5. It can be seen that optimized 

diffusers can extend the low frequency working limit about one octave if compared with conventional 

QR diffusers. 

 
Figure 5. Jdepth vs Jfmin for QR sound diffuser (width 1m) for different total depths (black continuous 

line). Families of optimized diffusers: black circles, blue diamonds and red squares. 

 

It is very normal that when doing an optimization the optimal individuals are very similar to each 

other. The case presented here is no exception. Figure 6 illustrates the 3 families of diffusers that make 
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up the Pareto front. Three clearly differentiated families are observed, the first appears for high depths 

and is formed by a group of two wells with very shallow depths and another group of 3 wells with very 

high depths separated from each other by wells with intermediate depths. In the second family there is 

only one intermediate deep well. Finally in the last family, which covers the lower depth area, there are 

basically only two different depths. 

 .  

Figure 6. Appearance of the families of optimized diffusers. Left: Family 1, the deepest diffusers. 

Middle: Family 2. Medium depth. Right: Family 3. Less deep. 

4. CONCLUSIONS 

In the present work we have demonstrated that multi-objective evolutionary algorithms are 

especially indicated in the case of sound diffusers design. First of all because of the simplicity of the 

genetic coding. And secondly because its use is flexible and adapts to the specific needs of the designer. 

The multiobjective approach gives the designer the possibility to consider several properties at the 

same time, without any previous knowledge of the relevance of each criteria. This has been 

demonstrated by using two pairs of objectives very different from each other and in all cases high 

performance diffusers can be obtained if compared with conventional ones.  
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ABSTRACT 
Room acoustic texture is defined by Beranek as the subjective impression listeners derive from the temporal 
and amplitude patterns of early reflections, at the receiver’s locations inside the room. Traditionally, room 
acoustic texture was qualified by visual inspection of the room impulse responses (RIR) or counting 
reflection´s peaks. Taking into account that the reflections in the later part of the RIR follow a Gaussian 
probability distribution and are totally mixed, we define the early reflections as every amplitude outlier 
present in a RIR, and mixing time as the instant when their cumulative energy reaches 99% of their total 
energy. To find outliers amplitudes, we proceeded to cancel the decay of the energy time curve (ETC) under 
analysis using a mobile median filter. Then, the particular echo density function (edf) is defined as the 
decay-cancelled outliers cumulative energy, over time. From this processing, a group of descriptors were 
defined that jointly describe the room acoustic texture, at one point in the sound field. Among these 
descriptors are the mixing time, expected texture and distance between models. Applications of these 
descriptors and their spatial standard deviation in rooms seem to be very broad, describing their temporal 
fine-structure. 
 
Keywords: Acoustic texture, Early reflections. 

1. INTRODUCTION 
The acoustic texture of a room was defined by Beranek: “Texture is the subjective 

impression that listeners derive from the patterns in which the sequence of early sound 
reflections arrive at their ears. In an excellent hall those reflections that arrive soon after 
the direct sound follow in a more-or-less uniform sequence. In other halls there may be a 
considerable interval between the first and the following reflections. Good texture 
requires a large number of early reflections, uniformly but not precisely spaced apart, and 
with no single reflection dominating the others” (Beranek, 1996). 

“Sound radiated in a reverberant environment will interact with objects and surfaces in 
it to create reflections. These propagate and subsequently interact with additional objects 
and surfaces, creating even more reflections. Accordingly, an impulse response measured 
between a sound source and listener in a reflective environment will record an increasing 
arrival density of reflections over time. After a sufficient period of time, the echo density 
will be so great that the arriving echoes may be treated statistically, and the impulse 
response would arguably be indistinguishable from Gaussian noise with an evolving color 
and level” (Jot, 1997). 

Regardless of being able to assess the importance of early reflections, separating them 
from a Room Impulse Response (RIR) has been the subject of many investigations, 
sometimes questioning the need to clearly identify the room in which the listener is 
(Kahle, 2018). 

The aim of this research is to develop a method to efficiently separate early reflections 
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(ER) from the rest of a RIR reflections, and study their amplitude and temporal 
distribution to develop a set of parameters describing the acoustic texture at one point 
inside a sound field. 

2. PREVIOUS STUDIES 
As expressed in (O´Donovan, 2008), room acoustics is generally evaluated in terms of 

various subjective characteristics that expert musicians / listeners assign to sound received 
at a location in space such as liveness, intimacy, fullness / clarity, warmth / brilliance, 
texture, blend, and ensemble. Most of these criteria are related to the room impulse 
response produced with the excitation of sound sources (usually from speakers on stage, or 
distributed in the hall), registered at several receiver or listener locations. 

Several studies proposed to quantify the acoustic texture of a RIR: In (Hidaka, 2008) an 
acoustic texture parameter is defined as the number of peaks with amplitude higher than 
the threshold of absolute perceptibility (aWs curve) of a single reflection vs. delay time for 
music (Schubert, 1961), in the first 80 ms of RIR. This method uses Hilbert transformation 
for envelope extraction. In (Paskaš, 2010), the author used  fractal  dimension to 
quantify texture. 

The acoustic texture would express the degree of direct sound coloration, sound source 
localization modification and, if reflections are coming from lateral directions, acoustic 
source width (ASW) changes. Regardless of considering these phenomena as acoustic 
distortion or not, they should be able to be identified and quantified, to finally analyze 
their uniformity in different areas of a sound field, all these from a RIR. From these 
previous statements, can be deduced that: a) there could be an “ideal” texture, b) that 
texture is a matter of early reflections, and c) a criteria for deciding which reflections are 
considered “early” is needed.	

As described by J. D. Polack (Polack, 1988), impulse responses are Gaussian processes, 
provided that global analysis is carried out on hand of a proper model of impulse 
responses. In this process, it is essential to discard the early part with strong reflections, 
and the very late part which simply is background noise. Finally, the reverberation tail 
exhibits a gaussian distribution of amplitudes in function of time, decaying exponentially. 

Abel (Abel, 2006) mentions room impulse response texture as a descriptor for 
reverberation quality and proposed methods to visualize the echo density profile (EDP) of 
a RIR, and detect outliers from a gaussian distribution, considering every outlier as an 
early reflection. He also expressed that the temporal quality of artificial reverberators, 
analysed through their impulse responses, is strongly correlated to the diffusion settings 
used to generate them. From Abel´s work (Abel, 2007), the reverberation resulting from a 
diffusion setting of 0.2 was described as “crackly” or “sputtery,” while the reverberation 
resulting from the highest diffusion setting showed to has a smooth acoustic texture, 
described subjectively as “smooth” or “windy”. 

Abel et al also said: “Traditional acoustical parameters for reverberation (ISO 3382, 
2012) have not included measures related to reflection density or the description of 
temporal timbre, but the time-domain quality or texture of a reverberant signal can be as 
varied and audible as the (frequency- dependent) reverberation time. Since the echo 
density measure is able to discriminate so well between different diffusion settings and the 
resulting rate of echo density increase, it has much potential as a tool for evaluating the 
time-domain timbre of reverberation.”	

Considering the lack of metrics to quantify room acoustic texture, a set of descriptors 
are proposed. In order to find meaningful descriptors, early reflections are identified, 
isolated and processed from the room impulse response information. 
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3. ROOM IMPULSE RESPONSE TEXTURE MODEL  

3.1 Acoustic Texture 
As defined in (11), texture is: 

• the physical feel of something — smooth, rough, fuzzy, slimy, and lots 
of descriptions something in between. 

• the physical composition of something (especially with respect to the size and 
shape of the small constituents of a substance). 

• the essential quality of something. 
As time evolves, every RIR is composed by the direct sound, a group of reflections 

named “early reflections”, and after those, the “late reflections”. The instant of separation 
between both is named Mixing time (Mt). After Mt, the reverberation tale can be 
considered an exponentially decay of gaussian white noise. The particular temporal 
distribution and amplitudes of this early reflections reflect the room acoustic texture. In 
this research we quantify the texture of a RIR as the comparison of the shape of the 
temporal evolution curve of the room´s dynamic system early reflections cumulative 
summation, with the shape of an “ideal” or “expected” case. This calculation is made 
between the initial time delay gap (ITDG) and Mt. Around these considerations, a set of 
descriptors can be defined - globally and over third octave bands -, which describe the 
temporal evolution of the early sound field. 

 

3.2 Echo density function - edf 
In this study, an efficient method to compute the energy density function (edf), 

detecting every amplitude outlier in a RIR and constructing a function from the cumulative 
sum of their energies over time was developed. 

For this, considering every amplitude outlier as an ER, a new definition of Mt is 
proposed: the instant when the cumulative outliers function has reached 99% of its 
maximum. In this sense, while we cannot talk about ergodicity (12), this proposal 
complies with the mathematical definition of mixing - time required by a Markov chain for 
the distance to stationarity to be small (Levin, 2017) - and, consequently of course, with a 
memoryless state - because all direction information is carried out just in the outliers, 
which have fade out or disappeared after Mt - (Lindau, 2010). As the analysis process 
takes place in a RIR, instead of referring to local temporal diffusion, we propose the 
quantification of the texture of the RIR, analized in the 0 : Mt time interval. 

To detect all outliers reflections, a median moving filter (MMF) was used with a 
window length related to the minimum frequency of the first third octave frequency band 
under analysis, as described by eq. 1. The median is just the middle value in a distribution, 
and it is less influenced by the outliers, as opposed to the mean that can be "dragged" up or 
down by extreme values (13). 

For a reflection to be outlier in our case, its amplitude has to stand out with respect to 
values close in time. The method includes a decay subtraction to the RIR under analysis 
and normalization, relative to the total summation of the outliers energies. 

 
       eq. 1. 
 
 

Where: 
Wd is the MMF window duration, 
fmin is the minimum frequency of the first third octave band under analysis, 
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fs is the sampling frequency.   
 
The median moving filter was applied to the energy time curve (ETC), as is described 

by eq. 2 (also see Figure 1). 
	 	 	 	 	 	 	

	 	 	 eq. 2. 
 
 
 
 
 
 
 
 
 
 
 
 

 
Figure 1. Blue line: Room’s Energy Time Curve (ETC) of a generic RIR. Red line: median moving filter 

result applied to the ETC. 
 
	
Afterwards, the Decay - cancelled Early Reflections (DcER) was obtained as described 

by eq. 3. 
 

	 	 	 eq. 3. 
	
And the echo density function, edf, from the RIR under analysis, is obtained by eq. 4. 
	

	 	 	 eq. 4. 
Where: 
RIR (t) is the room impulse response. 
RIRMedian is the room impulse response after the MMF processing. 
DcER: are the Decay-cancelled Early Reflections or outliers, over time. 
Actual edf(t): is the calculation applied on the actual RIR under analysis. 
edf (t): generally speaking, is the echo density function. 

 
Synthetic RIRs were generated from exponentially decaying gaussian white noise with 

different RT60s. These signals were devised with constant and evolving echo density, and 
were used to test the proposed method. Both cases implied an absence of outlier 
reflections, resulting in a smooth edf. It was observed the cumulative energy of the outliers 
follows eq. 5, and can be thought as a capacitor charging over time, as can be seen in figure 
2. The generalized and ideal equation governing this behaviour is eq 5. 

	
	 	 	 	 	 	 eq.5. 
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Three edf’s were calculated for every RIR: One actual edf and two “reference” edf’s. 
Actual edf: is the direct application of the eq. 3 on the actual RIR under analysis. 
Ideal edf: For the first “reference” edf of eq. 4, a and b constants are adjusted using two 

known values taken from the actual edf: the initial value of the function, t0, which 
corresponds to the initial time delay gap (ITDG) and Mt, where the actual edf (t) reaches 
an amplitude of 0.99 from its final value. Also, third octave frequency filtering was 
applied to the actual RIR, finding Mt values over third octave frequency bands. This way, 
the ideal edf, is established through the ITDG and actual Mt. 

Expected edf: A second “reference” edf is calculated by best fitting eq.4 to the actual 
edf. 

Once the models are attained, the curves are displayed in a log(t) scale. 
 
In figure 2, resulting curves at 1 KHz frequency band are shown with some of the 

associated texture descriptors.  
 

 

 
 
 
 
 
 
 
 
 
 
 
 

Figure 2. Resulting edf curves from the texture calculation for 1 KHz frequency band of a very renowned 

local Opera Theater. RIR (audience area). Observing the actual edf curve, deviation from the smooth growth 

of the expected edf can be seen. Expected texture (ETx) is the Pearson correlation coefficient between the 

actual edf and the expected edf. DBM is the Bhattacharya distance between expected edf and ideal edf curves. 

Associated numerical results are: ETx = 0.1815, DBM = -2.93, Ctr = 44.67 ms, Mt = 176 ms. 
 
For the case of synthesized gaussian white noise RIRs, the ideal edf, expected edf and 

actual edf are coincident, as can be seen in figure 3. No considerably irregularities appear 
in the actual edf due to non-existence of early reflections. We refer to this type of cases, 
the perfectly distributed ER over time, with outliers amplitudes not disturbing the sound 
field. 
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Figure 3. Actual edf (black line), Ideal edf (blue line) and Expected edf (dashed line) computed on a full 

bandwidth gaussian white noise synthesized RIR. Early reflections in red. In this case, Expected Texture = 

0.999 and DBM ≌ 0. 
 

3.3 Texture of a RIR 
As acoustic coatings, particularly diffusers, are added, placed and distributed inside a 

room, the RIR’s actual edf curve changes, and tends to move to the origin (t=0); 
simultaneously an expected mixing time (EMt) is estimated through the expected edf. If its 
change is uniform throughout this process - constructing a curve without irregularities 
from t = ITDG to Mt, resulting in a high value of ETx -, which sometimes means a uniform 
spatial distribution of acoustic coatings (because this means a uniform spreading of the 
acoustic energy in time), Mt finally gets effectively reduced compared to the less 
acoustically treated state. 

As this “building process” of the actual edf happens, it is possible to measure the 
distance between the ideal edf and the expected edf, DBM, the autocorrelation duration of 
the RIR, Ctr [ms] (Bidondo, 2016), as well as the instantaneous texture that the actual edf 
is showing, compared with the ideal and the expected edf´s.  

Expected Texture (ETx) is defined as the Pearson correlation coefficient between the 
actual edf and the Expected edf, as stated by eq. 6.	  

 

	 	 	 	 	 eq. 6 
 
Where: 
r: is the Pearson’s coefficient of correlation. 
cov: the covariance between variables. 
𝜎: standard deviation of the variable. 
 
The same concept is valid for the Texture (Tx), defined as the Pearson correlation 
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coefficient between the actual edf and the ideal edf. 
The distance between models (DBM) is the Bhatthacharyya distance between the ideal 

and the expected edf models. A positive sign in the result means the ideal edf curve is after 
the expected edf curve. A negative sign in the result means the ideal edf curve is before the 
expected edf curve. In both cases, it is desirable that DBM be small. 

As ETx and Tx values were found to be mainly between 0.8 and 1, it was decided to 
display  to get a spread between 0 and 1. An  is obtained for the synthetic 
gaussian white noise RIR, indicating that the regression predictions almost perfectly fit 
the data, as can be seen in Figure 3. 

4. RESULTS 
Third octave calculation over real RIRs showed different Mt, ETx and DBM results. 
By modifying the median moving filter window size, evidence showed it has little or no 

effect in the results. 
By analyzing synthesized RIRs through a neural net model, it was found ETx is directly 

affected by diffusion and RT, and inversely affected by room’s volume [m3]. On the other 
hand, DBM is inversely affected by diffusion and EDT, and directly affected by room’s 
volume [m3]. 

Maximum correlation between the real edf and the expected edf means an almost ideal 
diffusion for the exhibited expected mixing time, which in turns should coincide with the 
ideal edf mixing time.  

5. CONCLUSIONS AND FUTURE WORK 
A simple and efficient calculation method to find the early reflections and the mixing 

time was presented. It was also presented an ideal temporal evolution curve for the 
diffusion process of a room considering it as a dynamic system, and the description and 
quantification of the room acoustic texture through several descriptors. Global and third 
octave frequency bands results of the proposed descriptors could give information about 
the need of acoustic diffusers and / or EDT and / or RT modification, and may allow to 
know those bands outside of "targeted" (ETx, DBM, Mt) values.  

Future work includes studying how diffusers surface and their location inside a room 
modify the actual edf function and their associated parameters. Also, a study of the 
acoustic texture is needed for every type of room. 

6. DISCUSSION 
Evidence curiously shows high similarity between this dynamic acoustic process 

(temporal evolution of early reflections carrying directional information) and the 
facilitated diffusion process in biology, and diffusion processes in chemistry.  

In preliminary studies it was observed that both ETx and DBM are sensitive to RT, 
EDT, room volume, sound field diffuseness and location of the sound source, in different 
proportions, being able to use them to evaluate the acoustic texture characteristics of the 
measurement point. This descriptor´s behaviour may led to measure the sound field 
diffuseness with DBM and to evaluate the balance between room volume [m3], EDT [s] 
and sound field diffuseness with ETx. May this balance show that large values of 
scattering coefficient are not necessarily reflected in the texture of the sound field?  

The acoustic expected texture (ETx) is inversely proportional to the Volume [m3], and 
directly proportional to EDT [s], RT [s] and the diffuseness of the sound field. Acoustic 
expected texture is also sensitive to the spatial distribution of the acoustic coating. It was 
also observed that as diffusion of the sound field increases, for constant room volume, 
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EDT and RT, ETx gets maximized, Mt diminishes, and DBM tends to zero. Also, when 
ideal and expected edf curves tend to coincide, acoustic “distortion” would diminish, and 
could be a numeric, objective target for room acoustic designs. 

Faced with this evidence, it would seem appropriate to propose that (temporal) 
diffusion would not be a state but a process; for that reason it would not be correct to look 
for a certain amount of diffusion, but a certain development of it in time. 
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ABSTRACT 
Measured values of absorption coefficients obtained from standardized reverberation-chamber measurements 
often differ across laboratories, mainly due to non-isotropic sound incidence on the absorbing specimen, and 
differences in the chambers’ shapes and dimensions. The present study describes an experimental method for 
characterizing sound field isotropy in reverberation rooms. The methodology relies on a plane wave 
decomposition (i.e., estimation of the wavenumber spectrum) to describe the directional properties of the 
sound field in the vicinity of the absorbing specimen. By separating the incident from the reflected 
components in the wavenumber spectrum, it is possible to characterize the distribution of sound incidence 
on the sample, and to infer angle-dependent absorption properties. Measurements are conducted in a 
reverberation room with absorbing material on the floor using a programmable robotic arm to scan the sound 
field. The results confirm that the distribution of sound incidence on the sample is not isotropic in the steady 
state. The measured angle-dependent absorption coefficients show good agreement with theoretical 
predictions.    
 
Keywords: Sound absorption, Isotropy, Array processing  

1. INTRODUCTION 
In reverberation-room measurements of sound absorption coefficients, a large sample of the 

material under test is placed in a reverberation room, and the absorption coefficient is deduced from 
the resulting reduction of the reverberation time, once the absorber has been introduced in the room  
[1]. The procedure is based on the simple reverberation formulas [2,3] for which a completely diffuse 
sound field must be established in the test chamber. An ideal diffuse field can be defined as the 
superposition of an infinite set of plane waves with random phases and equal magnitudes, which 
directions of propagation are uniformly distributed over all angles of incidence. In such a sound field, 
the energy density is uniformly distributed in space and the energy flow is isotropic; i.e., the sound 
field is homogeneous and isotropic. The absorption properties of the sample are represented by a 
(random-incidence) absorption coefficient, which corresponds to the average fraction of power 
absorbed by the sample when sound is arriving on it equally from all directions; i.e., under the 
assumption of isotropic sound incidence.  

 The shortcomings of the measurement procedure have become increasingly evident as shown in 
numerous investigations [4-7]: several systematic comparisons of the absorption coefficients 
determined in a number of standardized laboratories resulted in the conclusion that the absorption 
coefficient of a given area of the same material can take virtually any value.  A vast amount of literature 
has grown around the subject and shows that the major cause of difficulties with the reverberation -
chamber measurement of sound absorption can be attributed to a lack of diffuseness of the sound field, 
resulting in non-isotropic sound incidence on the absorbing specimen. Considerable experimental 
effort has been spent on the problem of evaluating diffusion in reverberant sound fields, and numerous 
methods have been proposed. An account of various descriptors is presented by Schultz [8], and more 
recently by Jeong et al. [9]. In particular, a variety of methods have been proposed, where diffusion 
is described on the basis of the angular distribution of sound energy [10-17].  

Over the past few decades, technical developments in sensing methods have facilitated the three-
dimensional analysis of sound fields. In particular, microphone arrays are especially well suited for 
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applications where the sound waves impinge on the array from multiple directions. The idea of using 
an array of microphones to measure the diffusion of reverberation chambers goes back to 1959, when 
Schroeder suggested creating a microphone array by repeated reflections of a planar array at the 
sidewalls of a reverberation chamber [18]. Rather than an array dependent on the room symmetry, 
Ebeling sampled the sound field in a reverberation chamber at every point of a three-dimensional 
cubical grid, with the goal of measuring cross-correlation functions in the spatial-frequency domain 
[13]. More recently, Gover et al. [14] investigated how spherical microphone arrays can be used to 
characterize directional properties of reverberant sound fields. They adapted the method described in 
Ref. 11 to spherical microphone arrays and measured the directional distribution of acoustic energy 
by steering directional beams in every direction. Extending this approach, Berzborn et al. [16] recently 
introduced the concept of Directional Energy Decay Curves (DEDC) derived from measurements of 
directional impulse responses using a spherical microphone array.  In Ref. 15, Nolan et al. proposed 
an experimental method for evaluating isotropy in reverberant spaces in the steady-state, based on an 
analysis of the wavenumber spectrum in the spherical harmonics domain. The underlying hypothesis 
is that, in a perfectly isotropic sound field, the wavenumber spectrum is spherically symmetric.  The 
method does not require a specific array configuration, as the analysis in the spherical harmonics 
domain is performed on the wavenumber spectrum, which is defined over a sphere, and not on the 
recorded sound pressure directly. Besides, such spectral representation of the wave field can be used 
to examine the distribution of the incident acoustic energy on the measuring sample and to reconstruct 
the incident power flows over a three-dimensional domain [17]. The aim of the present paper is to 
summarize the main findings from Refs. 15 and 17 and to discuss the limitations of some aspects of 
the work.   

2. WAVENUMBER SPECTRUM THEORY 
A detailed account of the theory is given in Refs. 15 and 17, and only the main results will be 

summarized here.  

2.1 Wavenumber spectrum and sound field isotropy 
The conception that a given pressure field can be expressed uniquely as a superposition of 

elementary waves is central to the methods outlined in this paper. Such plane wave decomposition 
consists in applying a three-dimensional Fourier transform to a measured pressure field to estimate 
the wavenumber spectrum [19], which is a representation of the sound field in the spatial-frequency 
domain, or k-space: 

p rm = P k e-j kxxm+ kyym+ kzzm dk
+∞

-∞

≈ P kl e-jkl ∙rm

L

l = 1

, (1) 

where the quantity P k = P k ejϕ k   is the wavenumber (or angular) spectrum, with P k   and 
ϕ k  its magnitude and phase, respectively. Each plane wave is traveling in a direction specified by 
the wavenumber vector k , which satisfies the condition k2 ≥ kx

2 + ky
2  with kx

2 + ky
2 + kz

2 = k2 = k 2 
(indicating that they are propagating waves).  

The pressure field sampled at a discrete number R of receiver positions (with an array of 
microphones) can be expressed in matrix form as 

p = Hx,  (2) 
where p CR  is the measured sound pressure vector, x  CL  is a complex coefficient vector 
containing the wavenumber spectrum P kl  in Eq. (1), and H  CR×L is the transfer matrix containing 
the plane wave functions. The problem is typically underdetermined (L > R) and the estimation of x 
obtained via a regularized matrix pseudo-inverse [20].   

In order to evaluate isotropy, the magnitude of the wavenumber spectrum at frequency f = kc/(2π) 
is expanded into a series of spherical harmonics  

P θ, ϕ  = Amn k Yn
m θ, ϕ

n

m = -n

∞

n = 0

, (3) 

where the complex coefficients Amn k   can be calculated from the orthonormality relation of the 
spherical harmonics functions. The relative monopole strength ι  =   
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A00 k Amn kn
m = -n

∞
n = 0 determines the degree of isotropy [15].     

2.2 Sound field separation and reconstruction  
From the estimated solution x, it is possible to reconstruct the sound field anywhere in the domain 

(pressure, velocity, and sound intensity) [17] 
pr = Hrx, (4) 

where pr CK is the reconstructed sound pressure vector estimated at a set of K positions rr, and 
Hr  CKxL  is the reconstruction matrix containing the plane wave functions evaluated at the 
reconstruction points rr. The particle velocity vector ur can be calculated from Euler’s equation of 
motion, and the active intensity vector is Ir = 1

2
Re prur

* , where the superscript * denotes the complex 
conjugate. Considering that x = x(i) ; x(r)  , the reconstruction can alternatively be based on the 
complex coefficient vector x(i) CN  and the propagation matrix Hr

(i)  CKxN  containing the wave 
components that describe the incident sound field (where N is the number of waves conforming the 
incident sound field). In this case, the reconstruction provides a complete characterization of the 
incident acoustic field (sound pressure pr

(i), velocity ur
(i), and intensity Ir

(i)).    

2.3 Angle-dependent absorption coefficient  
Based on the sound field separation defined in Sec. 2.2, the angle-dependent absorption coefficient 

can be determined according to [17]  

α(θ) = 
Pabs,θ

Pinc,θ
 = 1 - 

P θ, ϕ
2
dϕ2π

0

P π - θ, ϕ
2
dϕ2π

0

,     0 ≤ θ ≤
π
2
 (5) 

where P θ, ϕ
2
 corresponds to the reflected power, and P π - θ, ϕ

2
 to the incident power. As such, 

the estimation of absorption follows from the ratio of absorbed to incident power observed in the 
measurement aperture and does not assume any specific waveform incidence. The individual 
wavenumber spectra are integrated on the azimuth angle ϕ  to prevent biases at angles with no 
incidence (a pure-tone sound field in a reverberation room is not diffuse, and not all frequencies 
contain energy in every direction [17]). This averaging procedure is not critical since, in the case of 
isotropic absorbers, the azimuth angle is of marginal significance [18]. 

3. EXPERIMENTAL RESULTS 
This section describes measurements conducted in a large (215 m3) reverberation room, using a 

programmable robotic arm to scan the sound field. Two damping conditions in the room were 
examined: the empty (undamped) room and the room with extra absorption (10.8 m 2 glass wool of 
thickness 100 mm and flow resistivity 12.9 kPa.s/m2) on the floor. The room complies with the ISO 
354 requirements,  and is essentially box-shaped, although there are 85 built-in concrete boundary 
diffusers and 12 panel diffusers. A scanning robot UR5 (Universal Robot, Odense, Denmark) was 
programmed to move a free-field microphone (Brüel & Kjær, Nærum, Denmark) within a rectangular 
volume of dimension 0.6 x 0.8 x 0.25 m, creating a random array of 290 measurement positions  in the 
vicinity of the absorbing sample (the closest microphone is located ~ 30 cm away from the absorber). 
The room was excited by a built-in loudspeaker driven with a logarithmic sine sweep ranging from 20 
Hz to 20 kHz with a duration of 10 s. The frequency response was measured at the 290 positions with 
a spectral resolution of 0.1 Hz. The complex coefficient vector x corresponding to the wavenumber 
spectrum (i.e., the amplitudes of the waves) is estimated using Eq. (2). A plane-wave basis of 2000 
plane waves of unknown amplitudes is considered, whose directions of propagation a re distributed 
uniformly based on a Thomson problem. Tikhonov regularization (i.e., a l2 least-squares solution) is 
used for the regularized inversion, along with the L-curve criterion as a parameter-choice method [21].  

Figure 1 compares the magnitude of the wavenumber spectrum and corresponding spherical 
harmonic expansion at 1 kHz, measured in the undamped and damped rooms in the vicinity of the 
floor/absorber. In the undamped room, as seen in Fig. 1(a), a few dominant directions are detected 
(i.e., a few waves carrying considerably more energy than others, seemingly corresponding to a few 
interfering modes and early reflections from the neighboring rigid floor), indicating that the field is 
not perfectly isotropic. In the damped room [added absorption, Fig. 1(b)], the wavenumber spectrum 
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is less omnidirectional, as there are no waves propagating in the positive z-direction (higher 
hemisphere in the wavenumber spectrum) because no sound is being reflected away from the absorber 
(α ≈ 1  at 1 kHz). Besides, the incident sound field (lower hemisphere) exhibits some dominant 
incident directions, indicating that the sound field incident onto the absorber is anisotropic. The results 
are supported by the corresponding spherical harmonics expansions: in the undamped case, the 
wavenumber spectrum is best described by the monopole moment of its spherical harmonic expansion 
although higher-order moments are required to explain the few dominant directions (the isotropy 
indicator in this case is ι = 0.43, confirming that the sound field is not isotropic); in the damped case, 
the spherical harmonic expansion is no longer dominated by the monopole moment, resulting in a 
sound field that is less isotropic than in the undamped case (ι = 0.28). It can be remarked that the 
isotropy indicator values are lower than in Ref. 15 for the same room/frequency, because the array is 
closer to the floor/absorber in this case. Another observation that can be drawn from these data is that 
there are clear differences between the two incident fields (with and without the sample - lower 
hemispheres in the wavenumber spectra), which demonstrates the effect of the absorber on the incident 
sound field.    

 

 
Figure 1 – Magnitude of the wavenumber spectrum and corresponding spherical harmonics expansion in 

(a) the undamped room; (b) the damped room. Frequency: 1 kHz. Truncation order: N = 5.  
               
Figure 2 shows a volumetric reconstruction of the acoustic intensity incident onto the sample for 

selected third-octave bands (250 Hz, 500 Hz, 1 kHz, and 2 kHz).The incident active intensity vectors 
are computed over a parallelepiped lattice of 252 points in the vicinity of the absorbing plane (9 x 7 
x 4 grid with lattice spacing of 10 cm). The length of the vectors is proportional to the intensity (in 
W/m2) at the base of the cone, and the cones are color-coded to also show the magnitude of the 
intensity vectors. At all frequencies, the incident energy is not constant and uniform throughout space 
(in clear disagreement with theoretical predictions that follow from assuming at diffuse sound field ). 
It should be remarked that the direction of incident energy flow is in general not in the direction of a 
single wave front, but rather results from the interaction of the many superposed waves; as such, it 
does not indicate the directional distribution of sound waves arriving onto a sample (contrarily to the 
wavenumber spectrum representation). Nevertheless, analysis of incident intensity can indicate the 
departure from the ideal state of diffusion. 
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Figure 2 – Volumetric reconstruction of the active intensity incident onto the absorbing sample for selected 

third-octave bands. [Adapted from Ref. 17]. 
 
 
Figure 3 shows the angle-dependent absorption coefficient determined from the wavenumber 

spectrum measurement for the third-octave bands ranging from 200 Hz to 1 kHz. The absorption 
coefficient is averaged over the azimuth angle and calculated as mean values per third-octave bands. 
As mentioned in Sect. 2.3, the frequency averaging is performed on the wavenumber spectrum to 
avoid biased estimates. The asterisks * represent the experimental data estimated every 6° (π/30 rad). 
The solid line is calculated from a transfer matrix model in the case of a single layer of porous material 
with a rigid backing [22]. The characteristic impedance and the wavenumber for the material are 
obtained from Miki’s empirical model [23]. The experimental values fit reasonably well with the 
prediction. The agreement is particularly good in the frequency range between 315 Hz and 1 kHz and 
for angles between 0 and 60° (π/3 rad). At lower frequencies, the incident energy is not uniformly 
distributed with angle, and the spatial resolution of the array is limited. At frequencies above 500 Hz, 
where the sample is highly absorptive, the absorption coefficient at grazing incidence is 
underestimated as a result of the limited wavenumber resolution of the measurement system: some of 
the incident energy on the absorber at grazing incidence (in the lower hemisphere of the wavenumber 
spectrum) leaks into the upper half of the wavenumber, which corresponds to directions of reflected 
components. 

4. SUMMARY AND DISCUSSION 
The directional properties of the reverberant sound field can be characterized by analyzing the 

wavenumber spectrum, which results from expanding the sound field into a plane-wave basis. 
Measurements in a standardized reverberation chamber show that the sound field is not isotropic ( i.e., 
the wavenumber spectrum is not spherically/hemispherically symmetrical). The accuracy of the 
estimation depends on (i) the measurement system (the sampling of the pressure field should be 
sufficient to estimate the wavenumber spectrum correctly; yet, no specific array configuration is  
required); (ii) the choice of the regularization scheme. It can also be remarked that in a reverberation 
chambers with diffusing elements (such as panel or boundary diffusers), exponentially attenuated 
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waves (evanescent waves) will appear at the observation point, if the latter is located in close 
proximity of the diffusers. Besides, evanescent waves can be caused by diffraction evoked at the 
sample edges. This work is however concerned with analyzing the sound field away from any source 
and diffracting element (that is, evanescent waves are not present) [18]. 

The isotropy of a sound field can be characterized by expanding the wavenumber spectrum in the 
spherical harmonics domain, and the relative monopole strength determines the degree of isotropy. 
Yet, such quantitative indicator alone is of no help in interpreting the results. For example, it cannot 
distinguish between anisotropy due to low modal density and anisotropy caused by non-uniform 
placement of absorbing material. In this connection, the inspection of the wavenumber spectrum [e.g., 
Fig. (1)] is much more informative. The proposed measure may nevertheless be useful for comparative 
investigations in a given room (the influence of source position, diffusers placement, etc.  can be 
examined). Note however that the metric is not a full measure of the degree of diffusion, since it 
disregards the correlation between waves incoming from different directions.  

Measurement of the wavenumber spectrum makes it possible to reconstruct and characterize the  
incident energy flows over a three-dimensional domain. Measurement results confirm that the incident 
flow is not constant and uniform throughout space despite the presence of diffusing elements. This 
can be attributed to the coupling between the measuring sample and the sound field in its vicinity. The 
complex intensity vectors in a room can also be determined and visualized, which provides a valuable 
tool for understanding the relation between flows of net energy (active intensity) and oscillating 
energy (reactive intensity) in an empty reverberation chamber or with absorption on the floor.  

Finally, the angle-dependent absorption coefficient (averaged over the azimuth angle) can be 
determined from measurement of the wavenumber spectrum in front of an absorbing plane. There is 
fair agreement with theoretical predictions.  

It is anticipated that the experimental methods outlined in this paper may find application in 
measurements in ordinary rooms (especially in rooms with  absorbent ceilings, e.g., classrooms, 
offices, etc.). The ability to characterize the spatial properties of the sound field in theses rooms may 
supplement reverberation time measurements in tasks related to room acoustical design.  

 

 
Figure 3 – Angle-dependent absorption coefficient determined from wavenumber spectrum measurements. 

The asterisks * represent experimental data; the solid line is obtained from a transfer matrix method along  

with Miki’s model. [Adapted from Ref. 17].     
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ABSTRACT 
Acoustic resonant absorber like a perforated panel or a Helmholtz resonator can be tuned at a low frequency 
by extending its neck or enlarging cavity volume. However, a total size of the resonators is often quite large 
when the neck or the cavity is simply extended for tuning at a low frequency. Previous researchers have 
studied Helmholtz resonator shortened in its size by subsided neck into back air cavity, and confirm that this 
resonator is tuned at low frequency without a deep cavity. The author has studied effects of a winding built-in 
neck extension to sound absorption of perforated panels and Helmholtz resonators, which show same effects 
as the subsided neck into back cavity. This study measures and discusses sound absorption of thin resonator 
tuned at a low frequency. Test pieces have various neck extensions built in a surface panel and 15 mm total 
thickness of resonators to propose as sound absorption tiles attaching on walls or partitions. Discussions in 
this paper focus effects of opening size of the resonator, path length, patterns or number of turns of the 
winding neck extension and cavity volume to the sound absorption of the thin resonator. 
 
Keywords: Sound, Absorption, Resonator 

1. INTRODUCTION 
The previous studies have studied effects of sound absorption by a small size resonator tuning at a 

low and middle frequency, and it is typical method to enlarge cavity volume or neck length of the 
resonator tuned at low frequency. These typical methods enlarge total size of resonators or sound 
absorption structures. Small size of sound absorbers are often needed for turning a reverberation time 
or reducing an environmental noise in small chamber room e.g. a meeting room, a practice room for 
music and a cabin in air plane or ship.  

To shorten the size of resonator, Iwase et al.[1] have studied the effects on acoustic resonance by 
the subsiding changes of neck from original type Helmholtz resonator and by the adapting of extension 
parts to opening hole of perforated panel. From their experimental research to make shortening size of 
Helmholtz resonator and lowering resonant frequency of sound absorption of perforated panel, they 
conclude that use of extension parts to the opening hole on the perforated plate is effective to lower the 
resonance frequency simply. They have also obtained the same effects of extension parts with turn 
back shape in the cavity as with straight shape. And, Iwase et al.[2] have verified the high sound 
absorption at low frequency by the method adding extension part behind opening holes. They could 
also have the empiric model to calculate the acoustic impedance and the sound absorption coefficient 
for their new type resonator. 

As applications from the previous study by Iwase et al., the author[3] considered that the extension 
parts are built in perforated panel with multi-turn back shape. Measurements of its sound absorption 
coefficient and considerations on effects of the winding extension to the resonant sound absorption 
show that the extension shifts its resonant peak to lower frequency without change of depth of air 
cavity which affects total thickness of the sound resonator. The shift amount of the resonant frequency 
is quite close between the straight extension and the winding extension when its section area is 3 mm 
side of square and 2.4 mm side of square, although the shift amount increases when the section area is 
1.8 mm side of square as the winding extension including twice of rectangle corners to same length of 
the above cases. 

                                                        
1 s.nakanishi.9a@cc.it-hiroshima.ac.jp 
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Moreover, the author[4] discussed sound absorption of the resonator included the various winding 
neck extension built in a surface panel. A winding neck extension built in upper plate of the Helmholtz 
resonator is useful method to tune it at lower resonant frequency. Structure of winding extension tube 
is generally made with any turn-backed tube, although this study show that the resonant does not 
appear for 1.8 mm side of square opening with 40 mm of extension tube. And, This study indicated that 
8 turn back of 80 mm of extension tube shifts the resonance to 23 % higher frequency than designed 
resonance frequency, because a virtual path of air flow in the tube is narrower than the physical cross 
section[5]. It seemed to be caused by a vortex at inner wall of 180-degree turn due to turbulent flow 
separation in a rectangular tube. 

This study measures and discusses sound absorption of thin resonator tuned at a low frequency. Test 
single Helmholtz resonators have various neck extensions built in a surface panel and 10mm or 15 mm 
total thickness of resonators to propose as sound absorption tiles attaching on walls or partitions. 
Discussions in this paper focus effects of opening size of the resonator, path length, patterns or number 
of turns of the winding neck extension and cavity volume to the sound absorption of the thin resonator. 

2. MEASUREMENT 

2.1 Procedure 
The sound absorption coefficient of test Helmholtz resonator including a winding neck extension in 

a surface panel is obtained by surface normal impedance 𝑍",$% at the opening hole, which is measured 
by in-situ measurement method[6]. Figure 1 and Figure 2 indicate procedure of measuring their 
surface normal impedance in workshop of Hiroshima International University. The test Helmholtz 
resonator is built in a box of 120 mm side of upper square surface and 60 mm height which is placed on 
the rigid floor.  

Two microphones are placed at the opening hole of test Helmholtz resonator for measuring 
transmission function 𝐻'' between them, is needed to calculate normal surface impedance by in-situ 
measurement method. Incoherent pink noise from five loudspeakers in the workshop makes random 
sound incidence to the surface of test Helmholtz resonator.  

The normal surface impedance of test perforated panel is obtained by following equation: 
 

𝑍",$% = 𝜌𝑐
𝐻''+1 − 𝑒/01(345)7 − 𝑒013+1 − 𝑒/0157
𝐻''(1 + 𝑒/01(345)) − 𝑒013(1 + 𝑒/015)

																																													(1) 

 
Here, d is distance between the surface of test piece and lower microphone, l is 14 mm distance 

between centers of two microphones, r is air density, c is sound speed in the air, k is wave number 
and j is the imaginary unit. 
 

 
Figure 1 – Procedure of in-situ measurement method for measuring normal surface impedance at an 
opening hole of test Helmholtz resonator. 
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Figure 2 – Positions of the test Helmholtz resonator on a floor in the workshop and two microphones 
at an opening hole of the resonator. 
 

2.2 Structures of test Helmholtz resonators 
Figure 3 shows a test Helmholtz resonator built in the box like double shells filled clay between 

them. The clay is used to fix vibration of shells by its large mass and large viscosity. Each part is 
modeled by Google SketchUp and is made by 3D printing (MakerBot, Replicator2) with polylactic 
acid plastics. The resonator has a square opening hole, a winding neck extension tube with a square 
section and a rectangular cavity behind it. Each resonator is designed to be tuned at 200 Hz by the 
following formula:  
 

𝑓;<= =
𝑐
2𝜋

@
𝑆

𝑉(𝑙 + 0.8	𝑑H)							[Hz]																																																													(2) 

 
Here, c is sound speed in the air [m/s], S is area of opening hole [m2], V is volume of cavity [m3], l is 
length of neck and 𝑑H is diameter of equivalent circle with same area of the square opening hole. 

Test Helmholtz resonators have 10 mm or 15 mm of total thickness from a surface plate to a 
bottom of the cavity. A extension tube attached at opening hole has 80 mm length for all test 
Helmholtz resonators. A side length of its square opening holes has 2.4 mm, 3.0 mm and 3.6 mm, 
and numbers of turn backs of extension tube are 1 to 13 turn backs, 1 to 10 turn backs and 1 to 8 turn 
backs respectively. And, a resonant frequency of these resonators is tuned 100 Hz or 200 Hz. Detail 
specifications are indicated in Table 1. 

 
 

  
Figure 3 – A cross section of a test Helmholtz 
resonator built in a box of 120 mm side of upper 
square surface and 60 mm height filled clay 
between them. 

Figure 4 – Examples of the Helmholtz resonator 
having 3 turn backs of winding extension tube 
built in the upper plate. 
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Table 1 – Specifications of test Helmholtz resonators with 80 mm length of neck built in surface plate. 

Total thickness (mm) Square hole size (mm) Cavity volume(mm3) 
(section area × depth) Number of turn backs 

(1) Resonant frequency is 200 Hz. 

15 mm 
2.4 
3.0 
3.6 

21.22 × 10.2 
26.42 × 10.2 
31.62 × 10.2 

1 to 13 
1 to 10 
1 to 8 

10 mm 
2.4 
3.0 
3.6 

28.32 × 5.2 
35.32 × 5.2 
42.22 × 5.2 

1 to 13 
1 to 10 
1 to 8 

(2) Resonant frequency is 100 Hz. 

15 mm 
2.4 
3.0 
3.6 

42.42 × 10.2 
52.92 × 10.2 
63.22 × 10.2 

1 to 13 
1 to 10 
1 to 8 

 

3. RESULTS AND DISCUSSION 

3.1 Frequency characteristics of absorption coefficient 
This section focuses sound absorption of thin Helmholtz resonator and discusses effects of turn 

backs in the winding extension tube to the sound absorption. 
All test resonators with a 2.4 mm squared opening hole have no resonant peak around 200 Hz or 100 

Hz designed by Eq. 2. As mentioned previous study[4], it is well known that resonance of the 
resonator becomes weak and small value due to a large pressure loss ΔP of a straight cylindrical 
duct is inversely proportional to its diameter as following formula: 
 

ΔP = λ
𝐿
𝑑
𝜌	𝑣/

2 						[Pa]																																																																					(3) 
 

Here, λ is a friction factor of the duct, 𝐿 [m] is its length, 𝑑 [m] is its diameter, 𝜌 [kg/m3] is 
the density of the air and 𝑣 [m/s] is speed of air flow in the duct. When the pressure loss enlarges 
with narrow tube, the pressure at a bottom of extension tube attached the cavity becomes small 
pressure from the opening hole and can not compress a volume of the cavity as air spring consisting 
a resonator with mass of air in the neck. As the results, a significant peak of the absorption 
coefficient of the resonator with 2.4 mm squared opening hole. 

Figures 5,6 and 7 indicate three examples of absorption coefficient of test Helmholtz resonators 
with 3.0 mm or 3.6 mm squared opening holes, which have a peak around 200 Hz or 100 Hz as a 
resonant frequency designed by Eq. 2. In the figures, black solid line has a median peak value around 
the resonant frequency of the resonator with various numbers of turn back in the winding extension 
tube. Red solid line and blue solid line have a maximum and a minimum peak value respectively, and 
show a variation range of effects by turn back of the winding extension tube.  

These figures show that a significant peak around 200 Hz or 100 Hz designed by Eq. 2 is found in 
absorption coefficient of each test resonator. This study obtained a unit resonator consisting thinner 
sound absorption structure even with 10 mm of total thickness, in compared with 19.8 mm of total 
thickness of Helmholtz resonators in the previous study[4]. This study also suggests that thin plane 
resonant sound absorber with 15 mm of total thickness tuned at 100 Hz can be assembled many small 
unit resonators. Here, the resonator with 3.6 mm squared opening hole tuned at 100 Hz has a large peak 
value of absorption coefficient.  
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(1) 3.0 mm squared of opening hole (2) 3.6 mm squared of opening hole 

Figure 5 – Three examples of absorption coefficient of the resonator. Resonant frequency is tuned at 
200 Hz and the total thickness 15 mm. Black solid line indicates median peak value, red solid line 
indicates maximum peak value and blue line indicates minimum peak value  
 

  
(1) 3.0 mm squared of opening hole (2) 3.6 mm squared of opening hole 

Figure 6 – Three examples of absorption coefficient of the resonator. Resonant frequency is tuned at 
200 Hz and the total thickness 10 mm. Black solid line indicates median peak value, red solid line 
indicates maximum peak value and blue line indicates minimum peak value  
 

  
(1) 3.0 mm squared of opening hole (2) 3.6 mm squared of opening hole 

Figure 7 – Three examples of absorption coefficient of the resonator. Resonant frequency is tuned at 
100 Hz and the total thickness 15 mm. Black solid line indicates median peak value, red solid line 
indicates maximum peak value and blue line indicates minimum peak value  
 

3.2 Peak frequency and peak value of absorption coefficient 
This section focuses peak frequency and peak value of absorption coefficient of the test Helmholtz 

resonators with various number of turn back of neck extension tube. 
Figures 8 and 9 indicate peak frequency and peak value of absorption coefficient of the resonators 

tuned at 200 Hz. Almost of all resonators have a peak frequency at around 209 Hz shifted toward 
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higher frequency than a designed resonant frequency of 200 Hz with its difference of 9 Hz (4.5 %). 
This shift difference seems to be independent from number of turn back of neck extension tube and 
between 3.0 mm and 3.6 mm squared opening hole. Previous study[4] shows that peak frequency shifts 
toward higher as increasing numbers of turn backs of neck extension tube with 3.6 mm squared 
opening hole up to 246 Hz with 8 turn backs. 

Peak values of absorption coefficient vary 0.3 to 0.6 in case of 15 mm total thickness of resonators 
tuned at 200 Hz and seem to be independent from number of turn backs of neck extension tube. And, 
the peak values for the resonators with 3.6 mm squared opening hole are slightly larger than 3.0 mm 
squared opening holes in case of 1 to 6 turn backs of neck extension tubes. Moreover, peak values of 
absorption coefficient vary 0.3 to 0.7 in case of 10 mm total thickness of resonators tuned at 200 Hz. 
Similarly, peak values for the resonators with 3.6 mm squared hole are larger than 3.0 mm squared 
opening hole in case of 1 to 5 turn backs. Previous study[4] shows that large peak values are obtained 
in case of 3, 4 and 5 turn backs and that their values of absorption coefficient are around 0.6. In 
previous study and this study, test Helmholtz resonators ware made by 3D printing (MakerBot, 
Replicator2) with polylactic acid plastics. Because this 3D printing is based on Fused deposition 
modeling, inner wall in neck extension tube fluctuates and varies its friction loss.  

Figure 10 indicates peak frequency and peak value of absorption coefficient of the resonators tuned 
at 100 Hz. Peak frequencies are around 100 Hz except for the resonator with 3.6 mm squared opening 
hole and 8 turn backs. Although the resonators with 3.0 mm squared opening hole shows that peak 
value varies 0.3 to 0.5, the resonators with 3.6 mm squared opening hole shows that peak values reduce 
as increasing number of turn backs of the extension tube.  
 

  
(1) Peak frequency of absorption coefficient (2) Peak value of absorption coefficient 

Figure 8 – Effects of number of turn backs of winding neck extensions to peak frequency and peak 
value of absorption coefficient around resonant frequency designed for test Helmholtz resonators. 
Resonant frequency is 200 Hz and total thickness is 15 mm. Open circles indicate the resonator with 
3.6 mm squared hole and black circles indicate the resonator with 3.0 mm squared hole.  
 

  
(1) Peak frequency of absorption coefficient (2) Peak value of absorption coefficient 

Figure 9 – Effects of number of turn backs of winding neck extensions to peak frequency and peak 
value of absorption coefficient around resonant frequency designed for test Helmholtz resonators. 
Resonant frequency is 200 Hz and total thickness is 10 mm. Open circles indicate the resonator with 
3.6 mm squared hole and black circles indicate the resonator with 3.0 mm squared hole.  
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(1) Peak frequency of absorption coefficient (2) Peak value of absorption coefficient 

Figure 10 – Effects of number of turn backs of winding neck extensions to peak frequency and peak 
value of absorption coefficient around resonant frequency designed for test Helmholtz resonators. 
Resonant frequency is 100 Hz and total thickness is 15 mm. Open circles indicate the resonator with 
3.6 mm squared hole and black circles indicate the resonator with 3.0 mm squared hole.  
 

4. CONCLUSIONS 
This study measured and discussed sound absorption of thin resonator tuned at a low frequency. 

Test single Helmholtz resonators have various neck extensions built in a surface panel and 10mm or 15 
mm total thickness of resonators to propose as sound absorption tiles attaching on walls or partitions. 
Discussions in this paper focused effects of opening size of the resonator, path length, patterns or 
number of turns of the winding neck extension and cavity volume to the sound absorption of the thin 
resonator. 

The author suggests following conclusions.  
(1) A winding neck extension tube built in surface plate can give a thin resonant sound absorber, 

which will be used as tiles set on a wall or a partition to control the reverberant time or noise 
reduction in small camber room. 

(2) This study confirmed that peak frequency equally shifts toward higher than the designed resonant 
frequency for the resonators tuned at 200 Hz as shown in previous study[4], although previous 
study shows peak frequency becomes higher as increasing number of turn backs. 

(3) The resonators tuned at 100 Hz are available for producing thin sound absorber at low frequency. 
Future study will discuss sound absorbing tile at low frequency by assembled many resonator 
unit. 
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ABSTRACT 

The Cathedral of Santiago de Compostela in Spain is the arrival point of hundreds of thousands of pilgrims 
that every year get to the city along the many paths of the “Camino de Santiago”. Along with the oldest part 
of the city, the cathedral is listed as UNESCO World Heritage, and several restoration works have been done 
and still are under way. Its acoustics is the result of centuries of evolution since the original Romanesque 
building was started, with contributions from nearly every architectural style. The interior arrangement of the 
church is significantly different from the majority of Spanish cathedrals, where the choir typically breaks the 
main nave creating many sub-spaces. Here the plan follows the Latin cross shape that allows the pilgrims to 
look at the altar from nearly everywhere, allowing source-receiver distances up to 70m. An acoustic survey 
that involved different laboratories allowed the collection of monaural, binaural, and B-format impulse 
responses in different source-receiver combinations. In the present paper, the results pertaining to B-format 
measurements are presented, discussing the spatial distribution of the acoustic parameters as a function of the 
directional pattern of the reflection and of the energy distribution among the different spaces of the church. 
 
Keywords: Worship acoustics, Santiago cathedral, 3D impulse response 

1. INTRODUCTION 
The architecture of Christian churches, throughout its twenty centuries of history, has been 

responding to the needs and activities that developed inside them, becoming the spatial result of the 
evolution of liturgical practices(1). The first Early-Christian churches were thought as simple meeting 
spaces, where the liturgy was considered as the center of the celebration. Later on, churches evolved 
according to the different architectural types, regional characteristics, often responding to purely 
“representative” needs. Thus, the original connection between space and function was often lost in 
favour of the splendor of the space “ad maiorem Dei gloriam”. 

The role of sound inside such spaces has always been crucial because, even if the Latin language 
was the official language of the Church, and most of the faithful were unable to even understand a 
word, there were preachings and readings that were given in current language, and required better 
intelligibility. Inside the presbytery, where all the chapter of the priests stood, good intelligibility was 
also requested. In addition, liturgical music and chanting were also part of the liturgy and, for the 
previously mentioned reasons, they played the major role in the involvement and participation of the 
faithful to the celebration. And this introduces a further element of complexity which is related to the 
natural evolution of the musical language from plain chant to polyphony (2).  

The number of mutually connected aspects was therefore quite large, and this, combined with a lack 
of a clear understanding of the acoustic phenomena, resulted in spaces where the listening experience 

                                                        
1 francesco.martellotta@poliba.it 
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was far from optimal. This is further emphasized after the Second Vatican Council (1962-65) which 
gave greater emphasis to the understanding of the whole liturgy (and not just the preaching), by 
adopting national languages as a standard.  

The number of studies dedicated to church and worship acoustics has been increasing in the last 20 
years(3), involving research groups from different countries, and investigating several aspects 
spanning from the modelling of sound field variations inside them, the role of occupancy, the 
relationship with liturgy and music, the definition of rating schemes for optimal listening conditions. 
In many cases, given the specific qualities of the spaces (resulting from different shapes and 
incremental addition of chapels and other sub-volumes, a certain difficulty to generalize results 
appeared, so that detailed investigations are needed in order to acoustically characterize each church. 

The Cathedral of Santiago de Compostela, within the context of Spanish cathedrals(4) represents a 
significant exception. In fact, its interior arrangement is significantly different from the majority of 
Spanish cathedrals, where the choir typically breaks the main nave creating many sub-spaces. Here the 
plan follows the Latin cross shape that allows the pilgrims to look at the altar from nearly everywhere, 
according to an interior distribution which is more similar to typical Italian cathedrals. The present 
paper describes the results of a measurement campaign that was carried out in the church, outlining in 
particular the results obtained by the use of 3D impulse responses. 

2. METHODS 

2.1 Building description  

The Cathedral of Santiago, was originally built as a small Roman mausoleum of the first century, in 
which the remains of the Apostle Santiago (AD 44) were buried in the year 813. After the discovery of 
the apostle’s relics, a first chapel was built of stone and terracotta. Being too small to accommodate the 
faithful, in 899 it was replaced by a temple which was later destroyed by the Muslims and rebuilt in 
1003, in a pre-Romanesque style, which converted it into a great pilgrimage cathedral. The final 
aesthetic revolution, arrived in 1860 with the facade of the Obradoiro in Baroque style. Currently it has 
a volume of around 42,000 m3, a floor area of 2,511 m2, an overall surface of about 18,000 m2, and a 
capacity of 620 seated people. 

Its interior is finished in materials such as granite (floor, walls and chorus), plaster (all the temple) 
glass (windows), wood (pews and confessionals) typically characterized by relatively low absorption 
coefficients, with the exception of wood and glass that are more absorbing in the low frequencies.  
This somewhat suggests that the expected reverberation time will be long and strongly dependent on 
the presence of the faithful who, on the other side, are characterized by a high sound absorption. 

 

a) b)  

Figure 1 – a) Facade of the Obradoiro, b) interior view of the Cathedral of Santiago de Compostela 

2.2 Measurement procedure 

The measurements were carried out during the night, in order to minimize background noise, and 
the requirements of ISO 3382-1 (5), as well as according to the specific prescriptions established for 
the churches (6,7). With reference to the arrangement of sources and receivers, as the cathedral of 
Santiago moves away from the typical configuration of the Spanish churches (7), the source was 
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located at the Main altar (S1), on the pulpit (S2) and at the modern altar (S3). On the pulpit, the source 
was placed as close as possible to the balustrade to simulate the natural position of the speaker. In all 
the cases source height was 1.70 m. As the cathedral of Santiago, with Latin cross plan, is almost 
perfectly symmetrical, the receivers were located in the main nave in only one half of the church, 
placing only three control receivers in the other half, in the transept braces, and in the presbytery. All 
the microphones were located at a height of 1.2 from the floor (Figure 2).  

The impulse response acquisition process, from which all acoustic parameters were determined (in 
accordance with ISO 3382-1 (5), was carried out by different researchers teams, with their own tools, 
in order to guarantee a complete coverage of the whole church and the detection of all acoustic 
monaural and binaural parameters. Sound sources included an AVM DO-12 dodecahedron with B&K 
amplifier 2734, a B&K 4296 source, and a self-built source. The recordings were made using different 
microphones, including a B-format Soundfield ST350, an Audio-Technica AT4050 / CM5 microphone 
in its omnidirectional and figure-of-eight configurations, a Head III binaural head (Head Acoustics) 
connected to a B&K 2829 signal conditioner, and two microphones AKG (omnidirectional and 
figure-of-eight shaped).  

The methodology used by the three research groups was developed with the aim of being the most 
optimal so that the data could be easily shared and comparable. Impulse responses (IRs) were recorded 
by exciting the source with a sine sweep spanning from 63 Hz to 16 kHz. The length of the sweep was 
kept at about 10 s so that the impulse-to-noise ratio (INR) was at least 45 dB at each band for every 
source receiver combination. Different software tools were used to manage impulse response 
acquisition. In one case (Bari) the microphone was connected to a four-channel portable recorder 
(Tascam DR680), and the measurements were carried out in open loop configuration, being 
subsequently post-processed. The recorded room responses were deconvolved and the resulting IRs 
were then used to calculate all the acoustical parameters, calculated according to ISO 3382-1(5). 

 

 

Figure 2 – Plan of the church with source (S) and receiver (R) placement 

 

2.3 3D sound field visualization 

Although a thorough description of the procedure to obtain spatial visualization of sound 
distribution can be found elsewhere(8), it may be useful to quickly remind the basic concepts behind it. 
Ambisonic microphones provide four signals identified as W, X, Y, and Z. The first one represents the 
omni-directional response of the microphone at the centre of the microphone array. The others 
correspond to the 1st order components and provide a figure-of-eight response oriented along each one 
of the three Cartesian axes. So, they provide the sound pressure multiplied by the vector of the sound 
direction along that axis. In other words, considering that particle velocity (u) is a vector quantity 
oriented along the direction of sound propagation, and that (at least for plane waves) u is proportional 
to sound pressure (p) through characteristic impedance Z0 (u=p/Z0), X, Y, and Z may also be assumed 
as the Cartesian components of the particle velocity and used to determine sound intensity properties. 
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All this stated, considering the relationship between sound intensity, sound pressure and particle 
velocity, the instantaneous intensity components may be expressed as: 

 

𝐼 = 𝑝 ⋅ 𝑢 = 𝑤 ⋅ 𝑥/𝑍
𝐼 = 𝑝 ⋅ 𝑢 = 𝑤 ⋅ 𝑦/𝑍

𝐼 = 𝑝 ⋅ 𝑢 = 𝑤 ⋅ 𝑧/𝑍

 (1) 

 
Where w, x, y, and z are the output signals of the B-format microphone. At this point, given the Ix, 

Iy, and Iz components of the sound intensity, the direction of arrival of the sound at a given time may be 
easily calculated from the following equations: 

 

𝜃 = atan
𝐼

𝐼
; 𝜙 = atan

𝐼

𝐼 + 𝐼
 (2) 

 
So, combining together the direction of sound with its intensity, sound field properties may be 

reproduced using a multichannel loudspeaker system or, as in the present case, used to obtain a spatial 
map of the sound intensity as a function of time.  

 

3. RESULTS 

3.1 Mean values of acoustical parameters 

First of all the spatially averaged values as a function of frequency and source position were 
analyzed. For reverberation time (T30) no substantial differences appeared as a function of source 
position (Fig. 3a), while in terms of frequency, substantially stable values appeared up to 500 Hz, then 
rapidly decreasing as a consequence of air absorption. When early decay time (EDT) was considered 
(Fig. 3b), the shortest values appeared when source S3 was used, while the longest appeared when the 
source was on the pulpit. However, a significant scatter in data was observed, with standard deviations 
as large as 2 s in the frequency bands below 1 kHz and very short values observed close to the source. 
Center time (Ts) and clarity (C80) both showed similar variations as a function of frequency and 
source position (Fig. 4), with the lowest clarity values (and the longest Ts values) observed when 
source was on the pulpit. The explanation of this rather counter-intuitive result stands in the fact that 
the receivers included in each average differ slightly as a function of source position, so that a larger 
number of receivers closer to the sound source may lower the mean values, but this does not imply that 
points at comparable distance behave differently.  

 

Figure 3 – Plot of spatially averaged T30 (a) and EDT (b) values measured as a function of frequency and 

of source position 
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Figure 4 – Plot of spatially averaged Ts (a) and C80 (b) values measured as a function of frequency and of 

source position 

3.2 Effect of source receiver distance  

In order to better understand some of the behaviors observed before, the parameters were plotted as 
a function of source receiver distance for selected frequency bands. In case of EDT (Fig. 5a) the plot 
showed a quite varied condition, with significantly shorter values at receivers close to sound sources. 
However, distance proved not to be the only influencing factor, as receivers 10 and 16 behaved quite 
differently when source S1 (which is at nearly the same distance of about 9 m) was used. Receiver 16 
had an EDT very close to the spatially averaged T30 value, while receiver 16 was shorter than 2 s. The 
latter was located inside the presbytery area, where double slopes were clearly detected by means of 
Bayesian analysis (9). In fact, Figure 5b showed that at R16 the first decay process was characterized 
by a reverberation time of about 1 s, while the second one, appearing after about 0.5 s, clearly had the 
same value of the mean T30.     

The mid-frequency values of Ts and C80 were also plotted as a function of source receiver distance 
(Figure 6). In this case, in order to provide a reference, predicted values obtained by means of the 
“revised model”(10-12) were also plotted. Values were calculated assuming the geometric parameters 
given before and assuming the constant terms s=0.2 (suitable when the source is raised and surrounded 
by reflecting surfaces), and k=2.8 (corresponding to a space with a richly articulated volume). It is 
interesting to observe that values pertaining to sources S1 and S2 fitted well with predicted values, 
showing the typical exponential variation as a function of distance. Conversely, results pertaining to 
source S3 appeared shifted, with clarity which was 3 dB higher compared to points at the same 
distance, and Ts which was about 75 ms shorter than points at comparable distance.  

  

Figure 5 – a) Plot of mid-frequency values EDT as a function of source receiver distance and source 

position. b) Results of Bayesian analysis applied to S1-R16 at 1 kHz. 
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Figure 6 – Plot of mid-frequency values of a) Ts and b) C80 as a function of source receiver distance and 

source position. Revised model was applied by assigning the characteristic parameters s=0.2 and k=2.8. 

 
 
A substantially similar behavior was observed also at other frequencies, with the significant 

exception of the lowest bands, where, as already observed, source S2 showed markedly lower C80 
values and higher Ts. Realistically, the position of source S2, although raised, offered little support to 
lower frequencies which were diffracted by the pillar rather than reflected. Conversely, source S3 
which stood in a well isolated sub-volume (and during measurements the presence of scaffolding on 
the top of the presbytery caused a further reduction of the available space), benefitted of increased 
early reflections that realistically caused the observed variations. In order to better clarify such aspects 
3D mapping offered a significant support.  

3.3 3D sound maps 

Following the observations made in the previous section it was interesting to compare different 
source receiver combinations corresponding to similar distances in terms of directional distribution of 
reflections. As a first example combinations S1-R02 and S3-R01 were considered (Figure 7), 
corresponding respectively to 21.1 m and 23.8 m. In the second case, even though the distance was 
bigger, the direct sound was louder, and stronger early reflections, mostly coming from the presbytery 
area were observed. Conversely, in the first case, reflections arriving in the first 100 ms after direct 
sound were more diffuse, arriving mostly from the front and the sides, but definitely less loud. Such 
difference in the direction of arrival was also proved by the different JLF values, which were 0.34 in the 
first case and 0.19 in the second.  

 

Figure 7 – 3D sound map at 1 kHz octave band of: a) S1-R02; b) S3-R01. In all the cases a 100 ms time 

interval is considered, starting 5 ms after direct sound 
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The second pair of IRs that were analyzed were S2-R05 and S3-R04 (Figure 8), with 
source-receiver distances respectively of 46.3 m and 49.7 m. It was interesting to notice that, in this 
case, most of the reflections were focused along the longitudinal axis, with a clear dominance of 
frontal reflections. In particular, when the source was located on the pulpit the lack of large reflecting 
surfaces (and the significant diffraction and scattering effects) caused amore circumscribed 
distribution of the reflections around the source-receiver direction. Conversely, when the source was 
close to the main altar, the direction of arrival of the early reflections spread over an angle of ±30° and 
contributions were generally stronger. This difference in angular distribution of reflections could be 
found also in JLF values, equal to 0.126 for S02-R05 and to 0.153 for S03-R04. 

So, taking into account both the previous results, what emerges clearly is an important role of the 
main altar and of the surrounding surfaces (it is important to remember that quite unusually, the spans 
of the presbytery are closed with thick glass surfaces, that ensure further strong reflections coming 
from that area), in increasing the number and magnitude of early reflections. When the source is at the 
modern altar or on the pulpit the reflections appeared weaker and scattered. 

In order to better clarify the role of the surfaces around the presbytery, combination S3-R16 was 
finally analyzed, taking into account different time intervals. As shown in Figure 9, the early 
reflections clearly arrive from the closest and hardest surfaces (like the floor and the glazed elements 
that close the bays), and they continue arriving from within the same subspace up to about 0.5 s. After 
that time, diffuse sound reflections coming from the main church volume start arriving and they 
contribute more and more to the late sound decay.   

 

Figure 8 – 3D sound map at 1 kHz octave band of: a) S2-R05; b) S3-R04. In all the cases a 100 ms time 

interval is considered, starting 5 ms after direct sound 

 
Figure 9 – 3D sound map at 1 kHz octave band of S3-R16: a) considering a 100 ms time interval, starting 5 

ms after direct sound; b) considering a 0.5 s starting from 1 s after direct sound arrival 
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4. CONCLUSIONS 
The results of the measurements carried out in the Cathedral of Santiago de Compostela have been 

presented in the paper. The church represents a significant exception among the Spanish cathedrals 
because of the lack of the choir opposite to the presbytery that typically closes the central nave. This 
solution, adopted for the benefit of the many pilgrims that attend the celebrations, makes the church 
more similar to Italian models. The analysis of the acoustical parameters pointed out significant 
variations as a function of source and receiver placement. In particular, presbytery area which is 
characterized by a significant amount of reflecting surfaces (bays are closed by glazings and a 
scaffolding reduced the available height at the time of the measurements) affected significantly both 
source and receivers located inside it. With reference to the source, the 3D sound maps confirmed that 
extra reflections provided by the surfaces contributed to increase magnitude and number of early 
reflections, so that a 3 dB improvement in clarity (and a decrease of 75 ms in center time) values was 
found as a function of distance. Comparison with predictive models, also showed that values 
pertaining to other sources were in good agreement with the expected behavior, while the source at the 
high altar provided quite unusual results. With reference to receivers inside the presbytery, they 
showed double slopes, independent of the source position (but clearly emphasized when the source 
was inside the same space). Again 3D sound maps clearly showed that up to about 0.5 s reflections 
arrived mostly from surfaces inside the presbytery, while after that time the dominant contribution 
arrives from diffuse reflections from the main nave. A more detailed analysis in under way to better 
clarify the role of source and receiver placement with reference to other combinations (e.g. located in 
the transept), as well as in order to provide a more thorough analysis including the results of all the 
teams participating to the project.  
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ABSTRACT 
Cathedrals are amongst the most significant buildings of European cultural heritage and are of great 
significance for the study of intangible heritage. This paper presents a detailed acoustic study of Ripon 
Cathedral, an English medieval cathedral whose history goes back to the 7th Century. Experimental and 
simulation techniques have been applied in order to develop a better understanding and preservation of the 
acoustic environment of Ripon cathedral. This research addresses the acoustical conflict inherent to this kind 
of spaces: its extreme reverberation builds a unique environment for vocal and instrumental music, specially 
organ music, but at the same time those same characteristics are a challenge for the intelligibility of the 
spoken word, which is crucial to the delivery of sermons. Acoustic maps have been created based on the 
diverse uses of the space, the history of the building, and its architectural features. Such maps have been used 
to analyse the acoustic characteristics throughout the cathedral’s interior space. This work is part of the EC-
funded Marie-Sklodowska- Curie Fellowship ‘Cathedral Acoustics’. 

 

Keywords: Church acoustics, Room impulse responses, Acoustic simulation 

 

1. INTRODUCTION 
Cathedral Acoustics is a project which aims to study the acoustics of a diverse sample of English 

cathedrals by focusing on four examples: Bristol, Ely, Ripon and York, which were chosen in relation 
to their historical classification, their ground plan typology as well as architectural style. The aim of 
the project is to study the current acoustic characteristics of the buildings through Room Impulse 
Response measurements (RIR) as well as work with computer simulations to study how structural, 
ornamental and usage changes would have affected the acoustics of the space throughout history.  

Research on the acoustics of heritage sites is of the utmost importance for two main reasons. Firstly, 
it allows us to preserve the acoustics of the spaces which may be threatened by restoration work and 
allows us to store that information to help us preserve the intangible heritage of these buildings for 
posterity and to aid refurbishing work. Secondly, understanding how the acoustic conditions changed 
over time allows us to study what this might have meant for our ancestors, including how this may 
have affected changes in the use and experience of the space.  

The present paper focuses on an initial study of Ripon Cathedral, which is conducted both through 
acoustic measurements as well as a computer simulation of the space. This preliminary study includes 
an overview of the methodology utilised, including the historical data that informed the measurement 
and simulation decisions and an analysis of the results based on reverberation time (T30, EDT), 
musical clarity (C80) and speech intelligibility (STI) parameters. 
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2. RIPON CATHEDRAL 

2.1 An overview of the construction process 
The history of Ripon Cathedral dates back to the 7th century. The present building is raised over 

the oldest Saxon crypt in England (1), which was part of the original church of St. Wilfrid, which was 
erected on the site of the monastery of Ripon, founded by Scottish monks in the 660s. 

Successive reconstructions and extensions have resulted in different architectural styles coexisting 
in the building. The construction of the present cathedral began in 1154 incorporating part of the 
oldest structure in Early English Gothic style. Subsequently, Archbishop Walter de Gray (1216-1255) 
continued the works by constructing the current west façade and the two towers that flank it, as well 
as the tall wooden spires and lead covers that once topped the towers. At the end of the 13th century, 
the eastern part of the choir was reconstructed in Decorated English style. The most important 
modification in the 14th century was the construction of the Lady Chapel over the Chapter House (2), 
which has now become the Cathedral Library. In the 16th century, the aisles were erected in 
Perpendicular style. 

2.2 Description of the interior 
As many other English cathedrals, Ripon cathedral has a Latin Cross shape, although in this 

particular case the single transept is only slightly longer than the nave width, as can be seen in Figure 
1. The nave (41.7 meters long from the west doors to the transept) has two almost alike lateral aisles 
demarcated by Perpendicular-style gritstone pillars and a stone ribbed vault on top (3). From those 
pillars, the arches that hold the oaken vault that covers the central nave (at a height of 24.9 m) emerge. 
The nave, surrounded by stained glasses, is austere in decoration. 

Notable is the "art nouveau" pulpit dated from 1913, which stands on marble pillars and has silver 
and bronze ornamentation. From the pew area of the nave it is possible to view the colourful stone 
carved Rood screen and the organ (Figure 2, left). Such a wide and closed screen serves as a sound 
and visual barrier, being originally raised to separate clergy from seculars (2). Beyond the screen is 
the choir, where many architectural styles meet: Norman–Gothic Transitional, Perpendicular, and 
Decorated. The carved oak choir stalls are surmounted by lofty canopies. The chancel area is 30.4 m 
long, from the screen door to the east window presiding the Main altar (Figure 2, right). The presbytery 
is separated from the lateral aisles by light wooden screens, except in the south part of the altar, where 
a stone sedilia is found. 

 
 

 

Figure 1 – Floor plan of Ripon cathedral with the source (S) and receiver (R) positions set for the acoustic 

measurements and the acoustic simulations. 
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Figure 2 – Interior views of Ripon cathedral: View of the roodscreen from the main nave (left) and view of 

the east end wall from the choir stalls (right). 

3. METHODOLOGY OF ANALYSIS 
The acoustic study of Ripon cathedral presented in this paper is based on the analysis of the room 

impulse responses registered on site. Furthermore, simulation techniques are used to complete the 
analysis and create the acoustic mappings of the nave space. 

3.1 Acoustic measurements 
The acoustic measurements follow ISO3382-1 (4) as well as considering the specific guidelines 

developed for similar buildings (5,6). Sine-sweeps of a duration of 13 seconds covering a frequency 
range from 50 Hz to 16 kHz were emitted through a dodecahedral loudspeaker (NTi DS3 loudspeaker 
together with a NTi PA3 power amplifier) placed in multiple positions. Up to 31 receiver positions 
were chosen throughout the congregation area. For each source-receiver combination a set of RIR 
(Room Impulse Responses) were captured by using a B-format microphone (Soundfield ST450) and 
an artificial head (Neumann KU 100). The digital audio workstation Pro Tools 12 and MATLAB 
software were used to capture and process the signals respectively. EASERA software was used for 
the acoustic analysis and the calculation of the acoustic parameters. All the instrumentation and data 
analysis methods are ISO3382-1 compliant. 

Source and receiver positions were selected based on the diverse uses of the space, the history of 
the building, and its architectural features. Ripon cathedral’s interior is physically divided by the 
roodscreen, and therefore, the nave, the transepts and the chancel were characterised independently. 
Binaural and B-format RIR were measured at receiver positions from R01 to R11 and R29 to R31 with 
the sound source placed in the Nave’s Altar (SN), where mayor liturgical celebrations and instrumental 
and choral concerts are held on a regular basis. In the chancel, receiver positions 12 and 10 were 
characterised with the source located in the choir (SC) and at the presbytery (SA), respectively. Figure 
1 shows the floor plan of Ripon cathedral with source (S) and receiver (R) locations set during the 
measurement session. Although it would have been of interest to study the effect of sources located 
at the pulpit and at the lateral chapels, this was not possible due to access and time restrictions.  

3.2 Acoustic Simulation 
The acoustic simulation of Ripon cathedral was completed using the software CATT-Acoustic™ 

v9.1b powered by TUCT™ v2.0a (7). Simulations were run with TUCT Algorithm 1: Short calculation, 
basic auralization using transition order 1, with 300,000 rays. Source and receiver positions were 
simulated corresponding to the ones set during the measurements. 

Due to the physical division of the space and for the purpose of this paper, the acoustic model has 
been simulated in two parts: on the one hand, the space formed by the nave and the transept, and on 
the other, the chancel. The openings that actually communicate both spaces, which cover a total area 
of 108 m2 (green surface in the model, Figure 3), have been considered as an “open” surface with an 
absorption coefficient close to one at all frequency bands, i.e. almost total acoustic absorption. This 
decision was made to simplify the model and reduce the calculation time, having note that the number 
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of rays that returned from the choir space to the nave during some preliminary tests was despicable in 
the sense that results of the acoustic parameter values at the S-R combinations analysed in the nave 
were not significantly affected by this simplification. Figure 3 shows the simplified acoustic model 
of the cathedral nave, which also includes the transept, used to carry out the acoustic simulation 
presented in this paper. The model has 2,836 planes and an approximate volume of 31,000 m3. 

The acoustic properties of each finishing material (represented by the different colours in the 
model) are given by the corresponding absorption and scattering coefficients (see Table 1). The initial 
absorption coefficients were obtained from the literature (8,9). The scattering coefficients were 
assigned depending on the complexity and the degree of decoration of each surface. For those surface 
materials whose absorption and scattering coefficients were more complex to determine, the research 
team worked on a careful tuning process that compared measured and simulated room impulse 
responses and acoustic parameter values in order to determine the most appropriate values. The 
porosity of the gritstone and the degree of decoration of some of the surfaces with this material, have 
required an increase in the values initially assigned according to bibliography (8). This uncertainty in 
the construction/finishing materials is inherent to these heritage spaces, and comparable results has 
already been obtained in similar buildings (10). Other finishing materials, such as the wooden vault, 
has also required a moderate adjustment at certain octave bands (See Table 1). 

 
Figure 3 – Acoustic model of the nave of Ripon cathedral 

 

Table 1 – Acoustic property of materials used in the acoustic model 

Material Name Colour 
Area 

(%) 

Absorption/Scattering coefficients 

125 Hz 250 Hz 500 Hz 1 kHz 2kHz 4 kHz 

Gritstone walls  61.2 0.08/0.12 0.08/0.13 0.09/0.14 0.09/0.15 0.09/0.16 0.09/0.17 

Rough ceramic floor  10.8 0.02/0.10 0.02/0.10 0.02/0.10 0.02/0.10 0.02/0.10 0.02/0.10 

Wooden vault  5.1 0.17/0.10 0.17/0.10 0.10/0.15 0.10/0.15 0.10/0.20 0.08/0.20 

Stone ribbed vaults  4.5 0.08/0.20 0.08/0.25 0.09/0.30 0.09/0.35 0.09/0.40 0.09/0.45 

Gritstone pillars  4.3 0.08/0.20 0.08/0.20 0.09/0.30 0.09/0.30 0.09/0.40 0.09/0.40 

Stained glasses  4.3 0.18/0.10 0.06/0.10 0.04/0.15 0.03/0.15 0.02/0.20 0.02/0.20 

Wooden chairs  1.5 0.05/0.20 0.08/0.24 0.10/0.28 0.12/0.32 0.12/0.36 0.12/0.40 

Openings  0.9 0.97/0.10 0.97/0.10 0.98/0.10 0.98/0.10 0.99/0.10 0.99/0.10 

Wooden stalls  0.8 0.15/0.20 0.15/0.24 0.18/0.28 0.20/0.32 0.20/0.36 0.20/0.40 

Organ  0.7 0.14/0.20 0.14/0.25 0.14/0.30 0.14/0.35 0.16/0.40 0.16/0.45 

Limestone Roodscreen  0.4 0.04/0.30 0.04/0.35 0.05/0.40 0.05/0.45 0.06/0.50 0.06/0.60 
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The initial adjustment of the model is based on the T30 values, following an iterative process so 
that the absorption coefficients of selected materials (mainly gritstone in this model) is carefully 
changed until measured and simulated spatially averaged values of reverberation time differs by no 
more than 5%, which is the minimum noticeable difference (JND) associated to this parameter (4). 
Once this first requirement is matched, other acoustic parameters are used for a "point to point" and 
"frequency band by frequency band" comparison of measured and simulated values, both in absolute 
values and in terms of their corresponding JND. In this case, EDT, C50, C80, D50, and TS results have 
been included in the comparison. The model of Ripon cathedral's nave is considered adjusted with 
76.7% of the measured and simulated results (considering all frequency bands) obtained for each 
source-receiver combination differing by no more than 2 JND, as generally recommended in room 
acoustic simulation (8), and with 91.2% of values differing by no more than 3 JND, which can be 
considered acceptable for these kind of buildings (6). 

4. RESULTS AND DISCUSSION 
Acoustic parameter values derived from the impulse responses registered on site evidence the 

differences between the acoustic environments of the nave and choir. Such difference is evidenced in 
the results for the reverberation time parameters. 

The spectral behaviour of the reverberation time is shown in Figure 4. It can be seen that the T30 
in the cathedral nave is higher than in the chancel at all frequencies bands. The T30m (T30 mid-
frequency averaged) obtained in the nave (SN) is 4.3 seconds, which is above typical recommended 
values for a clear speech transmission, being nevertheless within the limits of the preferred values 
suggested by several authors for organ music and Gregorian chant (11,12). The 2.7 s measured in the 
chancel, both when the source is placed in the choir and at the presbytery, presumably denote a more 
suitable acoustic environment for the variety of the requirements of the space in terms of sound. 
However, caution needs to be exercised when referring to recommended values in relation to 
cathedrals as the perception of reverberation is strongly influenced by psychoacoustic and cultural 
factors, and the objective values recommended for the perception of speech and music can be at odds 
with visitors’ expectations. For example, Carvalho (13) published a comparison between two identical 
chapels but with different acoustic treatments, and that paper pointed out that users preferred the more 
reverberant chapel, objectively less suitable for the transmission of the word, because they were used 
to the traditional reverberant acoustic environment of Portuguese churches. 

The perceived reverberation is better assessed with the Early Decay Time parameter. EDTm 
measured values, when frequency averaged, reveal that the perceived reverberation does not 
significantly vary with the relative position of the listener, neither in the nave nor in the chancel. The 
exceptions are those receivers located in the choir stalls when the sound source is placed in the choir 
(SC), whose EDT values are lower than in the rest of the choir, mainly due to their closeness to the 
sound source (S-R distances lower than 5 m). Results also pointed out that, when the source is placed 
in the nave (SN), the perceived reverberation in the transept is higher than in the nave (in Figure 4, 
see the two points at about 17.6 m from the sound source, corresponding to R11 and R29 in Figure 1, 
showing a EDTmid of almost 5 s). Obtaining EDT values higher than those obtained for T30 in receiver 
positions at that distance from the source is unusual, and may be due to some strong early reflections 
presumably coming from the roodscreen. 

In terms of sound clarity, in this particular paper we have focused on assessing music through C80, 
and speech intelligibility through the Speech Transmission Index, STI. Further analysis in relation to 
other parameters will be conducted in future studies. Figure 4 shows C80 values, spectrally average, 
and STI measured at each source-receiver combination. If the attention is focused on the values 
obtained from the impulse responses measured in the chancel, both with the source located in the choir 
(SC) and in the presbytery (SA), it can be seen that measured values denote acceptable/good acoustic 
conditions both for music (C80m > -5dB) and for speech transmission (STI > 0.45 except for those 
positions located furthest from the sound source, with a S-R distance > 15 m). Similar results are 
obtained in the nave regarding clarity of music, although, in general, low values of C80 parameter are 
registered when the S-R distance is greater than 15 m. However, STI values rated as poor are measured 
in all those receiver positions located more than 8.5 m apart from the sound source (SN), which means 
a poor quality of the transmission of the word in large part of the audience area when no PA system is 
used. 
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Figure 4 – Reverberation time measured values, spatially averaged, for each frequency octave band 

(upper row, left); EDT values, spectrally averaged, (upper row, right), measured at each source-
receiver combination; C80 values, spectrally averaged (lower row, left) measured for each source-
receiver combination; and STI (lower row, right) measured for each source-receiver combination. 

 

4.1 Acoustic mapping of the nave 
In addition to the initial acoustic analysis reported above, further analysis of the acoustics of the 

nave of Ripon cathedral was conducted using acoustic simulation techniques. The use of the 
simulation models allows a greater level of detail by extending the acoustic analysis through the whole 
audience area (previously limited to the receiver points set during the measurements) and including 
more source receiver positions which were not included in the measurements mainly due to access or 
time limitations. 

The cathedral nave is where major celebrations and cultural events are normally held. There are 4 
positions where the sound source is commonly placed for those events (See Figure 1). Speech-based 
events use the pulpit (SNP) and the nave altar (SNN) as part of the daily service, nowadays, using an 
electroacoustic support system to be able to reach the audience seated in the chairs furthest from the 
altar. Behind the altar there are choir stalls (SNC) in which the choir members are located when 
accompanying the service and the musicians are placed during the concerts held in the nave. Moreover, 
the transept (SNT) is time to time used for small meetings and talks. All the furniture (with the 
exception of the pulpit) is removable to be able to adapt the configuration of the altar space to the 
different activities held in this part of the cathedral. In addition, the 15th century stone pulpit located 
in the south transept, next to the rood screen, has been included as another sound source position 
(SNOP) since apparently has been exceptionally used for sermons. 

Mappings were generated by using TUCT, with the suggested number of rays (99000 rays) and 
suggested echogram length based on T30 values. Map step was set as default (1 m) and the map height 
was set to get 1.20 m from the floor. Figure 5 shows the acoustic maps of C80 parameter at 1 kHz, 
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Figure 5– C80,1kHz acoustic maps of Ripon cathedral nave with the sound source located in the 
altar nave, SNA (left) and in the choir stalls, SNC (rigth). 

 
obtained from the acoustic simulation. SNA and SNC have been considered in this case, as 
representative sound source positions from where the music involved in liturgical and/or cultural 
activities held in the nave is mainly performed. It can be seen how acceptable values of C80 are reached 
in the areas of the central nave and in the lateral aisles where audience/congregation is commonly 
located during major celebrations and concerts.  

Figure 7 shows the acoustic mappings of the STI generated to assess the perception of speech in 
this part of the cathedral. Same conditions were used for all the STI estimations: Background noise 
NCB28, emission level of the sound source 94 dB SPL 1 KHz. Regarding the nave, it can be seen that 
only in the altar space and in the closer positions in the chairs of the central nave, both for SNP and 
SNA, values of STI rated as fair/good are reached. These results support the need to use an 
electroacoustic support system to achieve a clear transmission of the speech even in the positions 
furthest from the source, and especially if the background noise is higher. The use of electroacoustic 
support is less critical when the activity takes place on the transept, as long as the 
audience/congregation is not placed too far from the sound source position, limiting the audience area 
to the central part of the transept for SNT, and avoiding the south transept when SNOP is used. 

 
Figure 7 – STI acoustic maps of Ripon cathedral’s nave and transept with the sound source located 
in the nave altar, SNA (upper row, left); in the pulpit, SNP (upper row, right); behind the choir stalls 

of the nave, SNT (lower row, left), and in the old pulpit, SNOP (lower row, right). 
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5. CONCLUSIONS 
This paper summarised an initial acoustic analysis of Ripon cathedral performed as part of the 

Marie Skłodowska-Curie project Cathedral Acoustics. The aim of this work was to analyse the 
acoustic field of the space, evaluating it in terms of the perceived clarity of sound, both for music and 
speech transmission, attending to the great variety of uses and spatial configurations that this complex 
building allows. 

It is not the purpose of the paper to judge how users experience the acoustic environment of the 
cathedral, but the influence the building has on the quality of sound depending on the use and the 
configuration of the space. The first peculiarity of this cathedral, is that the physical separation 
between the nave and the chancel, makes them behave like two acoustically semi-independent spaces, 
with different reverberation times (4.3 and 2.7 respectively). In view of the results of the 
measurements and the simulations, the nave is a magnificent place for music performances, although 
apparently it is too reverberant for a good transmission of speech without the use of any 
electroacoustic support (STI rated as poor for the majority of the audience area).  

A less reverberant acoustic environment, more suitable for speech transmission and non-
ecclesiastical music performances, is apparently experienced in the chancel, where acceptable values 
of C80 and STI are reached in the majority receivers included in the study. 

A more in-depth acoustical analysis through the acoustic measurements and also through the 
acoustic simulation will be conducted. 
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ABSTRACT 
This paper summarizes the results of recent measurements in ten very typical Romanesque churches in the 
North of Portugal to acoustically characterize this type of building. In situ measurements were done regarding 
Reverberation Time (RT) and Rapid Speech Transmission Index (RASTI) in empty churches. The results are 
presented and compared with seven architectural characteristics of the churches (area, volume, ceiling height, 
length, width, etc.). Statistical correlations and prediction equations are presented among those seven 
architectural parameters and the two acoustic parameters measured (RT and RASTI). Values up to 0.91 were 
found for the related R2 coefficients. 
 
Keywords: Reverberation Time, RASTI, churches 

1. INTRODUCTION 
The word church can have multiple meanings. It can be regarded as an institution, a group of people 

that take the word of God as a reference and guidance, or it may be considered as a building, where 
the physical and aesthetical aspects are used to form an adequate location of prayer.  

Nowadays, the design of a church considers its Acoustic as one of the strongest, if not the main, 
priority since this concept must acknowledge all its activities and routines (meditation, speech and 
music). As a building, a church requires moments of silence as well as moments in which the 
congregation will need to understand effectively what the orator communicates. 

Romanesque architecture was born in the 10th century. After a kind of political stabilization, 
Western Europe emerges as a consequence of a new society, with demographic expansion, increased 
mobility, economic growth and significant social and cultural changes. The term Romanesque was 
first written in 1817 by historian C. Gerville, influenced by the culture of the Roman Empire (1). 

The building system that defines the Romanesque architecture begins to be defined shortly after 
the middle of the 11th century. It is in the regions of Burgundy, Languedoc, Auvergne and the 
Southwest of France plus the kingdoms of Navarre and Castile, which resides the true original artistic 
creation of this period. (2) 

The Portuguese Romanesque style has rural characteristics and is linked to the construction of 
smaller churches. Depending on the region, these churches would vary in terms of technical quality 
as well as formal and decorative wealth. The raw materials that were used to construct such churches 
were the ones more available to each region. In the North of Portugal, it was the general use of granite, 
in the Center limestone and to the South, brick and taipa (a kind of earth structure) (3). 

2. METHOD 

2.1 Sample 
For the execution of this project, certain church features and conditions were chosen among a 

significant sample, in order to evaluate the acoustic aspects of Romanesque churches. Ten specific 
churches (show in Table 1 with their respective geometric parameters , and Figures 1 to 6), belonging 
to the Rota do Românico do Vale do Sousa, a cultural and touristic route whose main purpose is to 
promote, preserve and enhance the architectural heritage (6), in the North of Portugal, were chosen to 
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represent this type of building. In order to select the sample, the churches should gather some specific 
characteristics: 

• Be clearly identified as Romanesque, with an important historic background; 
• Contain the architectonic and decorative aspects that deeply describe this style; 
• Are in full working order, in other words, are not abandoned or in ruins; 
• Use granite as the main construction material (walls and facades); 
• Be stripped of most interior ornaments and furniture, from earlier periods, as much as possible. 
 

Table 1 – Analyzed churches, GPS locations, and their geometric parameters 

Church 
GPS 

V 

Volume 

(m3) 

S 

Surface 

area (m2) 

H 

Maximum 

Height (m) 

W 

Width 

(m) 

L 

Length 

(m) 

Vn 

Volume 

nave (m3) 

Ln 

Length 

nave (m) 

AIRÃES 
41.315055,-8.198615 

1249 209 9.55 13.60 20.40 1111 13.49 

CETE 
41.180636,-8.366329 

1515 155 11.80 5.40 28.70 1201 20.20 

ESCAMARÃO 
41.065948,-8.257106 

724 103 7.73 6.20 18.90 596 12.30 

FERREIRA 
41.264871,-8.343731 

2957 230 14.40 8.77 29.40 2400 19.40 

GONDAR 
41.263531,-8.031465 

786 119 7.05 6.60 20.35 626 13.54 

ISIDORO 
41.207773,-8.143906 

574 87 7.56 5.73 17.32 444 10.25 

P. SOUSA 
41.166071,-8.344658 

6028 546 16.80 15.90 43.00 4564 25.10 

TELÕES 
41.310148,-8.108097 

1390 159 9.46 7.60 23.40 1186 17.00 

TRAVANCA 
41.277676,-8.192871 

2801 330 12.80 14.60 28.00 2547 20.30 

V. VERDE 
41.304861,-8.182076 

399 61 7.08 5.37 13.35 293 7.80 

 

 
Figure 1 - Airães church Figure 2 - Ferreira church Figure 3 - Cete church 
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2.2 Investigation 
Two types of in situ measurements were done during April 2019: Reverberation Time (RT) and 

Rapid Speech Transmission Index (RASTI). RT values were measured in 1/3 octave bands in each of 
three set points within each church (Figure 7). RASTI values were studied in each of nine different set 
points within each church (Figure 8), that were divided into three specific zones (front, middle and 
back) as a function of church length, in order to understand the depth of decay and mean RASTI for 
each of these zones. The equipment used was a sound level meter B&K 2260 B&K, a sound source 
B&K 4224 and RASTI B&K 4419 and 4225. 

The ideal RT average value in Catholic churches should be approximately 1.0 s (for speech), while 
for music this value should increase to around 2.0 s or a little more (for example, for organ music). 
RASTI values should be as high as possible in order to achieve suitable speech perception, although 
values above 0.50 would be acceptable in these cases (4). 

 

 
Figure 7 (left) – The three typical RT measurement positions in each church, SS (sound source) 

Figure 8 (right) – The nine RASTI measurement positions in each church, SS (sound source), (points 1, 2 

and 3 are in zone named front; 4, 5 and 6 in zone middle; 7, 8 and 9 in zone back) 

3. RESULTS 

3.1 Reverberation Time 
Figure 9 displays the mean RT results obtained from the three measurement points in each church 

(in total six measurements were used in each point) and Table 2 shows the mean RT results. Through 
the analysis of the mean RT values (Figure 9), a decrease from low to high frequencies is observed. 
This phenomenon occurs in every church, but it is particularly revealed in ones with larger volumetric 
dimensions, such as the Ferreira, Paço de Sousa, Cete, and Travanca churches, as they present a higher 
sound absorption. The slight decrease in RT values observed in some low frequencies, namely between 
the 100 and 250 Hz 1/3 octave bands, could be caused by the sound absorption of the existing materials 
(such as wooden ceilings, paving and ornaments). 

Figure 4 - Escamarão church Figure 5 - Gondar church Figure 6 - Paço de Sousa church 
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Figure 9 - RT values for each 1/3 octave bands in all ten churches of the sample. 

 

Table 2 - Mean RT values for each octave band (arithmetic mean of the three bands of the corresponding 

1/3 octave band) and mean RT values between 400 and 1250 Hz (average of six 1/3 octave bands) 

Church 
Frequency (Hz) 

125 250 500 1k 2k 4k RTavg(400-1.25k Hz) 

AIRÃES 1.46 2.06 2.54 2.49 2.29 1.75 2.51 

CETE 3.03 2.70 3.21 2.97 2.78 2.13 3.09 

ESCAMARÃO 1.30 2.04 2.51 2.48 2.20 1.71 2.49 

FERREIRA 4.74 4.00 3.49 2.97 2.61 1.88 3.23 

GONDAR 1.61 1.34 1.76 2.37 2.16 1.63 2.07 

ISIDORO 1.56 1.77 2.23 2.09 1.93 1.53 2.16 

P. SOUSA 2.29 2.33 2.95 3.13 3.00 2.23 3.04 

TELÕES 1.89 2.39 2.65 2.56 2.26 1.83 2.60 

TRAVANCA 3.07 2.39 2.74 2.90 2.50 1.92 2.82 

V. VERDE 1.40 1.53 1.51 1.76 1.65 1.36 1.64 

3.2 RASTI 
Table 3 and figure 10 show the mean RASTI results obtained in each of the ten churches. RASTI 

results were compared according to the usual classification conversion table relating to speech 
intelligibility, as stated in CEI 268-16 that categorizes RASTI results on a subjective scale. For values 
0 to 0.3 the predicted speech intelligibility is poor; 0.30 to 0.45 is mediocre; 0.45 to 0.60 is fair; 0.65 
to 0.75 is good and for 0.7 to 1.0 is excellent (8). 

Once the RT values are analyzed it can be verified that the churches with larger dimensions present 
a mediocre mean RASTI, particularly Paço de Sousa and Ferreira, with a RASTIavg of about 0.38. The 
remaining churches are also on a mediocre intelligibility scale, with the exception of V. Verde and 
Isidoro that classify as fair since they present values of about 0.47, which is probably explained by 
their smaller volume that enhances speech intelligibility (6). 

It is expected for the RASTI value to be higher in the front zone of the church, however the average 
value for this zone never exceeds 0.60, which classifies these churches as fair, even at their presumed 
higher speech intelligibility zone. 
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Figure 10 – Mean RASTI values measured in each of the three zones (as in figure 8) of each sampled 

church. 
 

Table 3 – RASTI average results in each of the three zones (defined in figure 8) 

Church Front Middle Back RASTIavg 

AIRÃES 0.48 0.40 0.39 0.42 

CETE 0.49 0.40  0.34 0.41 

ESCAMARÃO 0.53 0.41 0.38 0.44 

FERREIRA 0.46 0.38 0.33 0.39 

GONDAR 0.49 0.43 0.40 0.44 

ISIDORO 0.54 0.46 0.41 0.47 

P. SOUSA 0.45 0.34 0.31 0.37 

TELÕES 0.55 0.41 0.38 0.45 

TRAVANCA 0.49 0.40 0.36 0.41 

V. VERDE 0.51 0.46 0.43 0.47 

 

3.3 Regression Models 
3.3.1 Reverberation Time 

The calculated regression models according to the geometric parameters are presented in Table 4. 
After attempting to raise the correlation coefficient, a sub-set sample containing only the churches 
with a volume below 2000 m3 was chosen, as this is the usual size for most the Romanesque churches 
in this area. 

Figure 11 shows that the church with the largest volume (Paço de Sousa), with almost a three times 
larger volume than Ferreira and Cête churches, presents an inferior RTavg(400-1.25k Hz). This may 
well be due to the abundance of wooden ornaments and surfaces, and probably because it has been 
recently renovated as a result of a fire accident. Cête church has a high RTavg(400-1.25k Hz) once 
compared to its counterparts with similar volumetric characteristics, which could be due to its arched 
features (coupled spaces) yet mainly because of its large height. 
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Table 4 – Regression models among RTavg(400-1.25k Hz) and geometric parameters of each church. 

Geometric parameters Regression models R² 

V -Total Volume (m3) RTavg = 0.5192 ln(V) - 1.169 0.74 

V - Total Volume (sub-set < 2000 m3) RTavg = 0.1955 V0.367 0.80 

S - Surface Area (m2) RTavg = 0.6915 S0.253 0.61 

H - Maximum Height (m) RTavg = 1.4346 ln(H) - 0.733 0.79 

W - Maximum Width (m) RTavg = 1.5071 W0,243 0.24 

L - Length (m) RTavg = 1.3497ln(L) -1.672 0.78 

Vnave - Volume Nave (m3) RTavg = 0.5102 ln(Vnave) - 0.998 0.75 

Lnave - Length Nave (m) RTavg = 0.5865 Lnave0.537 0.83 

 

Figure 11 (left) - Relationship between RTavg(400-1.25k Hz) and Volume for each church 

Figure 12 (right) - Relationship between RTavg(400-1.25k Hz) and Volume (subset V < 2000 m3). 
 

3.3.2 RASTI 
The RASTI regression values as a function of each geometric parameter are presented in Table 5. 

Unlike the data observed in the RT, these equations show the decrease in RASTIavg values as Volume 
increases. This illustrates that the acoustic quality of a church is strongly dependent on its Volume, 
which means that, the larger the volume, the more surface areas are available to produce destructive 
reflections, thus this will originate a lower speech intelligibility. 

 
Table 5 – Regression between RASTIavg and the geometric parameters of each church 

Geometric parameters Regression models R² 

V - Total Volume (m3) RASTIavg = 0.7988 V-0.087 0.87 

V - Total Volume (sub-set < 2000 m3) RASTIavg = -0.037 ln(V) + 0.693 0.64 

S - Surface Area (m2) RASTIavg = 0.7399 S-0.108 0.81 

H - Maximum Height (m) RASTIavg = 0.5333 e-0.022H 0.88 

W - Maximum Width (m) RASTIavg = 0.5571 W-0.127 0.48 

L - Length (m) RASTIavg = 0.8453 L-0.218 0.85 

Vnave - Volume Nave (m3) RASTIavg = 0.7678 Vnave-0.084 0.85 

Lnave - Length Nave (m) RASTIavg = -0.0055 Lnave + 0.515 0.81 
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3.4 RASTI vs RT 
Figure 13 demonstrates the relationship between RTavg(400-1.25k Hz) and the RASTIavg in this 

sample. The combination of these two parameters is important in order to understand and validate the 
veracity of the tests carried out, since they create a negative linear relationship in which hi gh RASTI 
values are linked to low RT values.  

Table 6 illustrates the best regressions between RASTI and isolated 1/3 octave frequency bands of 
the RT. The best regressions belong to the higher frequency bands (especially 1.25 and 2 kHz) which 
is probably partially due to the lower standard deviation value observed between these bands, 
demonstrating their homogeneity, and the importance of the RASTI values in this frequency domain. 
 

Figure 13 – Relationship between mean RASTIavg and RTavg(400-1.25k Hz) values 
 

Table 6 – Best regressions between RASTIavg and isolated RT 1/3 octave frequency bands 
1/3 octave frequency band (Hz) Regression models R2 

800 RASTIavg = -0.0611 RT800 + 0.587 0.79 

1000 RASTIavg = -0.0733 RT1k + 0.613 0.83 

1250 RASTIavg = -0.0736 RT1.25k + 0.616 0.88 

1600 RASTIavg = -0.0704 RT1.6k + 0.601 0.91 

2000 RASTIavg = -0.0771 RT2k + 0.607 0.86 

2500 RASTIavg = -0.0821 RT2.5k + 0.609 0.82 

3150 RASTIavg = -0.0976 RT3.15k + 0.629 0.82 

4000 RASTIavg = -0.1142 RT4k + 0.628 0.77 

RTavg(400-1.25k Hz) RASTIavg = -0.056 RTavg + 0.571 0.73 
 

3.5 RASTI vs RT and geometric parameters 
The combination between RASTIavg and RTavg values resulted in a high R2 value, which represents 

that the mean RASTI values are strongly explained by the variations in RTavg. 
A multiple linear regression was elaborated with RASTI average values as a function of RTavg and 

all geometric parameters (Table 7). The high values of R2 (about 0.9) clearly show that there is a 
strong correlation among these parameters. 
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Table 7 – Multiple regressions of RASTI average values as a function of RTavg(400-1.25k Hz) and geometric 

parameters 

Geometric parameters Regression models R2 

V - Total Volume (m3) RASTIavg = -0.0324 RTavg - 1.026x10-5.V + 0.529 0.89 

S - Surface Area (m2) RASTIavg = -0.0351 RTavg - 1.158x10-4 S + 0.540 0.89 

H - Maximum Height (m) RASTIavg = -0.0156 RTavg - 0.00706 H + 0.540 0.88 

W - Maximum Width (m) RASTIavg = -0.0446 RTavg - 0.003085 W + 0.569 0.85 

L - Length (m) RASTIavg = -0.0225 RTavg - 0.002479 L + 0.545 0.87 

Vnave - Volume nave (m3) RASTIavg = -0.0309 RTavg - 1.363x10-5 Vnave + 0.527 0.89 

Lnave - Length nave (m) RASTIavg = -0.0186 RTavg - 0.00399 Lnave + 0.538 0.82 
 

4. CONCLUSIONS 
Regarding RT, none of the examined churches demonstrated the ideal acoustical values for speech 

(between 0.8 and 1.0 s), solely the ones of smaller volume attained a better performance  (but we may 
need to remember that in Romanesque times, religious services were held in Latin…). This is also the 
result of the Romanesque constructive system that is a quite simple style, with small amounts of 
ornaments, and in this area, predominantly uses the granite, which causes strong reflections. The best 
RTavg results belong to the churches with volume below 2000 m3, obtaining values between 1.6 and 
2.5 s, which prove to be suitable for most musical purposes. 

The values of speech intelligibility (RASTI) are in general fair and the worst results registered 
(about 0.38 in P. Sousa and Ferreira) can be justified by the fact that these were the churches with the 
largest volume. 

The calculated regressions that were analyzed for RT and RASTI resulted in R2 values that were all 
close to 0.9, which represents a positive correlation and reliable use of these models for prediction. 
The geometric parameter that most influenced Romanesque church acoustics was Length of nave (Ln) 
for the RTavg, and Height for the RASTIavg. 

Maximum Width obtained very low individual R2 values for both acoustic parameters (RT and 
RASTI); however, by crosschecking this feature with a multiple regression model, it reached figures 
close to the maximum. 

The best regression in this paper, with an outstanding R2 value of 0.91 was observed for the 
RASTIavg values as a function of the 1600 Hz 1/3 octave frequency band values. 

REFERENCES 
1. Rodrigues J. História da Arte Portuguesa - O Mundo Românico (Séculos XI-XIII). 2007. 
2. Rosas L., Sousa A., & Barreira H. (2018). Genius Loci: lugares e significados = places and meanings. 

Vol.2. Conferência Internacional Genius Loci: lugares e significados . Porto. 20 a 22 de Abril de 2016 
3. Carvalho APO. Influence of architectural features and styles on various acoustical measures in churches, 

Ph.D. dissertation, U. Florida, USA, 1994. 
4. Mattoso J. História de Portugal: I Vol. Portugal no Reino Asturiano Leonês Círculo de Leitores. II Vol. - 

A formação da nacionalidade no espaço ibérico e II Séculos de vicissitudes políticas. Círculo de Leitores: 
1992/93. 

5. Carvalho APO. Acústica ambiental e de edifícios, Ed. 7.0. FEUP. 2008. 
6. Rota do Românico. https://www.rotadoromanico.com/vPT/QuemSomos/ARotadoRomanico/Pagin 

as/ARotadoRomanico.aspx, accessed May 2019. 
7. Lencastre M. Inteligibilidade da palavra em igrejas católicas, através de análises de carácter objectivo e 

subjectivo. M.Sc. thesis in Civil Engineering, College of Engineering, FEUP, U. Porto, 1998. 
8. CEI IEC 268-16, Rapport de la Commission Electrotechnique Internationale. Equipements pour systèmes 

électroacoustiques – seizième partie: Evaluation objective de l’intelligibilité de la parole dans les salles 
de conférence par le méthode RASTI. 1988. 

2350



 

PROCEEDINGS of the  
23rd International Congress on Acoustics  
 

9 to 13 September 2019 in Aachen, Germany 

 

 

 

Review on acoustics timeline of Hagia Sophia and Süleymaniye 

Mosque in İstanbul 

Zühre SÜ GÜL1 

1 Bilkent University, Turkey 

ABSTRACT 

Hagia Sophia built in 6th century and Süleymaniye Mosque in 16th century are the two major monuments of 

İstanbul World Heritage Site. Süleymaniye Mosque has always functioned as a mosque, while Hagia Sophia 

previously functioned as a church and mosque while currently serving as a museum.  Their historical 

significance as of being cultural heritages and religious use in relation to acoustics have motivated many 

researchers to test and discuss over their interior sound fields. A comprehensive study is necessitated to 

assess the acoustical conditions of both structures in relation to their architectural features and interior finish 

materials and to examine the changes occurred in the acoustical comfort levels due to the main repairs 

underwent their life time. One aim of this study is to discuss over the acoustical field test results held in 

different periods by comparison of common room acoustics parameters. On the other hand, with their 

immense scale and multi-domed upper structures both monuments exhibit multi-slope sound energy decay. 

For that reason, as a step forward relevant acoustical predictors including decay rates are discussed in light of 

different functional uses and spiritual acoustical needs of such monumental sacred spaces. 

 

Keywords: Diffusion equation model, room acoustics simulations, disproportionate rooms 

1. INTRODUCTION 

This study investigates two historically significant monuments of İstanbul World Heritage Site. 

The first monument is Hagia Sophia, which was originally built in 6
th

 century and functioned as a 

church and later converted to a mosque, while currently serving as a museum.  The second monument 

Süleymaniye Mosque is a 16
th

 century structure. Their historical significance as of being cultural 

heritages and religious uses in relation to acoustics have motivated many researchers to test  and 

discuss characteristics of their interior sound fields. A comprehensive study is necessitated to assess 

the acoustical conditions of both structures in relation to their architectural features and interior finish 

materials and to examine the acoustical changes occurred due to the main repairs undergone their life 

time. The methodology includes the field tests carried both within the scope of this research as well as 

the published test results by other researchers. Later on, the multi-slope decay parameter analysis is 

held within Bayesian framework. 

Most of the investigations on sacred spaces have concentrated on the behavior of sound within 

different religious typologies, as of churches (1), cathedrals (2) or mosques (3), and include 

discussions on their comparison and acoustical criteria. Mostly the sound field investigations in such 

sacred structures rely on a single sound energy decay and applies the first 20 or 30dB linear decay of 

the slope for defining reverberation time. On the other hand, ‘room acoustics coupling’ has far been 

investigated for theoretical understanding of convex (non-exponential) sound energy decay 

characteristics mostly in coupled spaces. For this research it is motivational that convex decay curve 

which incorporates multiple decays is previously observed in large cathedrals or basilicas, which are 

composed of interconnected sub spaces (4-6). Thus, another focus of this study is to identify and 

quantitatively assess the multiple sound energy decays in such super-structures. The basic 

methodology of multiple sound energy decay investigations is decay parameter estimations that rely 

on Bayesian formulation (7), over collected field measurement data as discussed in following sections. 
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2. MATERIALS 

2.1 Süleymaniye Mosque 

Süleymaniye Mosque and Complex (Fig. 1) was constructed in between 1550-1557 in the Ottoman 

era in İstanbul. The mosque is covered centrally by a single dome which is supported on two sides by 

semi domes.  The two semi domes align with the direction of the mihrab. Side ais les are sheltered by 

five smaller domes which complete the upper structure. The inner plan of the mosque measures 63 by 

69 m. The height of the dome from the ground to the keystone is 47.75 m. The Mosque has an 

approximate acoustical volume of 75.000 m³. Corner domes are supported by arches in between 

elephant feet and exterior shell walls. The three side domes sit on arches, each of which is supported by 

two columns on two rows. Pendentives are utilized to smooth the central dome, secondary half dome 

and arch connections. Muqarnases are located in half dome skirting’s and side dome arch transitions , 

which help to enhance the sound diffusion in mostly curvilinear and concave transition planes by 

fragmenting the surfaces into much smaller pieces. 

 

   
 

Figure 1. Süleymaniye complex exterior view (on the left) (8), interior views (on the right) 

 

The uniqueness of the building complex comes from abundant source of stone supplies delivered 

from various ruins of ancient cities all over the world. For its original state, basic interior materials are 

stone, brick, tile, ceramic pots, plaster, paint, glass and wood. Lime, horasan, fine sand, gypsum, linen 

and straw are the basic ingredients of plaster layers and seams. Linen is applied in dome plasters  (8).  

In contrast to lavishly painted domes and pendentives in lower zones the stone revetments left 

relatively bare. The prominent architectural features of the interior are historical columns, marble 

panels, porphyry discs, great arches, the mihrab, minbar and royal box, stained glass windows and 

inscriptions. Floor finish of the mosque is carpet with straw backing -which are collected from the 

finest straws grown in Nile delta- as stated in original documents (9). Carpets had originally been 

woven in Egypt and Aydın-Tire. Another feature of Süleymaniye Mosque for its original state is the 

use of Sebu’s (clay pots), that are believed to be applied for the function of cavity resonators for the 

control of excessive low frequency sound content. 

Since 16th century, Süleymaniye Mosque hasn’t gone through major structural changes. However, 

there has been couple of major interior material modifications. The initial restorations were held in 

19th century. In these interventions basically pen-carved paintings and plasters were modified, which 

ended up in a totally different material characteristic. At 1840’s and 1880’s restorations, held by Italian 

experts, it is recorded that the clay pots were covered and closed and the original dome plasters were 

modified with gypsum plaster. In 1959-1969 restorations some of the 19th century paintings were 

removed in order to uncover the original paintings. Prior to 2007-2011 restorations, on stone and 

wooden surfaces different types of material deteriorations were detected. Damage report prior to 

2007-2011 restorations also include structural damage, the damages due to cement-based plastering or 

seam fills, and damages due to some other inappropriate use of material (8).  The cement-based 

plasters and application of pen wall paintings on these plasters are significant in assessing the changes 

in acoustical field of the Mosque. During 2011 restorations the samples of original horasan plasters in 

dome were collected. Tests and analysis were held for obtaining cement free plasters that are 

compatible with original ones, then applied on renewed plastering and pen-wall paintings. Besides, it 

is also declared that the mouths of 15 cm width and 45 cm length total 256 clay pot’s (Sebu) are opened 

and cavities are repaired. 
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2.2 Hagia Sophia 

Hagia Sophia had been constructed as a church in between 532-537 in İstanbul during Byzantine 

time. After the Ottoman conquest in 1453, in the ruling of Mehmet II, it was converted from church to 

mosque. In 1932 upon order from Atatürk, Hagia Sophia has started to function as a museum. Hagia 

Sophia has a large interior space, having an approximate volume of 150.000 m³, with many coupled 

sub-spaces. The sound field of such a volume with dominating geometric and material attributes 

inspired this study in terms of acoustical coupling investigations. The major figure of Hagia Sophia is 

an expanded dome basilica: a rectangular building, measuring 73.5 m to 69.5 m, excluding the narthex 

and the apse, covered by a central dome between two half domes (Fig. 2).  

 

   

Figure 2. Hagia Sophia an old photograph (10) and interior view (ayasofyamuzesi.gov.tr) 

The central dome, with an approximate diameter of 32 m, rises 55 m above the pavement of the 

nave. In order to keep the basilica design on both sides of the central nave, rather than semi domes 

there are columns, arches and vaults. The domed central space is skirted by two large hemicycles 

covered by half domes to the east and west. The diameter of these half-domes roughly equals to that of 

the central dome. These core spaces are separated from side aisles by superposed colonnades, with 

galleries over the side aisles and inner narthex. The central oval vessel of enclosed space is further 

expanded by barrel-vaulted spaces that terminate along the building’s longitudinal axis of its nave (11). 

Stone, brick and mortar are the main elements of the above-ground structure including the piers, 

columns, arches, vaults and dome. The surfaces of all the walls as well as the large supportive piers are 

covered with polished slabs of veined marble and other colored stone. Most of the original non-figural 

mosaic decoration of the vaults has remained undamaged at ground level.  All surviving fi gural 

mosaics are of later date. The floor of this broad space is paved today with large rectangular marble 

slabs -not the original one which are crushed in 1346- (10-11). 

Over the 1400 years of its existence, Hagia Sophia has suffered much damage essentially due to 

major earthquakes. Three main phases of structural repair and strengthening are recorded. The f irst 

repairing phase was in 1317, the second was in 1573 and the third repair was in 1847. The principal 

work undertaken in 1317 was the construction of new buttresses. In 1573, a new minaret is built in 

place of one that was to be demolished. In 1847 major works were the rectification of a number of 

columns in the gallery exedra, the installation of new ties for critical locations, and other repairment at 

the level of the dome base. Hagia Sophia has also undergone many alterations due to changes in its 

activity patterns. In conversion from church to mosque, some Christian elements  were removed and 

Islamic additions were introduced. Since pictorial representations are traditionally not permitted in 

Islam, after 1453 the mosaics were gradually covered up, whitewashed or plastered over and hence 

preserved. The Christian furnishings were removed. In 1847 the sultan commissioned Swiss architects 

to restore both the fabric and the decoration of the building. During these works all the surviving 

mosaics were uncovered, and copied in order to provide visual record. Among the Islamic additions 

apart from four minarets on the exterior, a mihrab was added on the kiblah  direction. The minbar was 

constructed in the same direction. Prayer carpets and banners of victory were hung on the walls 

flanking the mihrab during the mosque period. The Müezzin’s mahfili in the center of the structure and 

four more galleries in the narthex were added. On the left side of the central nave there still is the 

preaching pulpit. Imperial Pavilion and Imperial Loge are some other additions which did not exist 

during the Christian period (10-11). In 1992, a major restoration and consolidation of the mosaics in 

the dome was started by the Central Laboratory for Restoration and Conservation of Is tanbul in 

collaboration with an international team of experts funded by UNESCO. Not all listed here but many 
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other Hagia Sophia restoration works has taken in its lifespan. Even today the scaffoldings cover a 

huge space within the interior space for repairment of observable mosaic damages currently due to the 

water leakage and humidity at the central dome, which also effects the acoustical field measurements 

to a degree. 

 

3. METHODOLOGY  

3.1 Field Measurements 

Field tests, within this study’s scope, were held in Süleymaniye Mosque on 23rd February 2013, 

(quoted as METU-2013 in this paper) hours in between 19:30(pm) -3:00(am) at the main prayer hall, 

and in Hagia Sophia on 25th August 2014 (quoted as METU-2014 in this paper), hours in between 

09.00(am) 12.00(am) at ground floor, for both in unoccupied conditions (12-13). Major source 

locations in Süleymaniye Mosque are one in front of mihrab (S1) and one at müezzin mahfili (S3) (Fig. 

3, on the left). The positioning of sound source is important to assess the acoustic s of mosque in its 

traditional use. For coupling research, additional source locations such as one underneath the main 

dome (S4) and one underneath side corner dome (S2) are tested (13). In order to compare multi-slope 

decay formation for different locations considering the effects of spatial variations (such as main 

central space versus underneath side galleries) within Hagia Sophia, three source (S1 - S3) and six 

receiver (R1 - R6) positions are tested in various configurations (Fig. 3, on the right). Measurement 

system includes B&K (Type 4292-L) standard dodecahedron omni-power sound source, B&K (Type 

2734-A) power amplifier and B&K (Type 4190ZC-0032) microphone covering the frequency interval 

in between 100 Hz to 8000 Hz. Sampling frequency of the recorded multi-spectrum impulse is 48 kHz. 

DIRAC Room Acoustics Software Type 7841 v.4.1 is used for signal generation . 

 
Figure 3 - Plan views with sound Source (in red) and Receiver (in blue) locations of METU- 2013 field tests 

in Süleymaniye Mosque (on the left) and METU-2014 field tests in Hagia Sophia (on the right) 

 

Other measurements following different restoration periods apart from those held within the scope 

of this study are also summarized in this section. The first set of measurement (14) in Süleymaniye 

Mosque was held after 1959-1969 restorations by Gazi University in 1988 (GU-1988). Following field 

tests were taken by METU (15) in 1996 (METU-1996). The final group of measurements after 

1959-1969 restorations, were held in 2000 within the program of EA project namely CAHRISMA (16). 

Ferrara University (UNIFE-2000) and Denmark Technical University (DTU-2000) took two different 

measurements. The major restoration and consolidation of the mosaics in the dome of Hagia Sophia 

has started in 1992. There is no available measured acoustic data in the literature before that period. 

The measurements have been held in Hagia Sophia after 2000 while restorations were on-going.  

Previous to Hagia Sophia measurements held in the scope of this research, two other set of data were 

recorded. Ferrara University (UNIFE-2000) and Denmark Technical University (DTU-2000) hold two 

different measurements again in the context of CAHRISMA (16) project in 2000. 
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3.2 Decay Parameter Estimations 

The computational analysis methodology of this study employs Bayesian probabilistic inference as 

an efficient tool (7). Bayesian model-based parameter estimation, describing Schroeder decay function, 

is used here to determine the parameters of the decay profile, namely “the slopes of decays”. Schroeder 

decay functions are obtained through Schroeder backward integration. Parametric model describing 

Schroeder decay function is as follows; 

Hs(A , T, ti) = A0(tK −  ti) + ∑ Aj (e
−13.8 x ti

Tj − e
−13.8 x tK

Tj ) 

S

j=1

 

                      

where index 0≤i≤K-1 

 

Schroeder decay function contains decay parameters of A j and Tj, where Aj is the linear amplitude 

parameter and related to the level of individual exponential decay terms, T j is the decay time 

associated with the logarithmic decay slope of individual exponential decay terms, with j = 1, 2, …, S, 

and S is the maximum number of exponential decay terms, also termed as the decay order, A 0 (tK- ti) is 

the noise term, and tK is the upper limit of integration (12). The question of how many decay slopes are 

in the energy decay data has always been challenging. As a scientifically rigorous solution Xiang et al. 

(7) propose to evaluate the Bayesian evidence which automatically encapsulates the principle of 

parsimony and quantitatively implements Ockham’s razor. Bayesian evidence prefers simpler models 

and penalizes over-fitting, so that it offers effective tools to conduct model selection and comparison 

going beyond traditional parameter estimation methods. The quantifier is defined to be Bayesian 

Information Criterion (BIC), which subtracts the penalty of over-parameterized models from the 

degree of the model fit to the data. In the scope of the energy decay analysis among a set of decay 

models, the model yielding the largest BIC value is considered to be the most concise model providing 

the best fit to the decay function data and at the same time capturing the important exponentially 

decaying features evident in the data. Applying BIC for ranking the competing decay models, such as 

double-slope, triple-slope, and even quadruple-slope decay models, is found appropriate for data 

analysis in this study. 

 

4. RESULTS 

4.1 Field Tests Results and Discussion  

The results presented in this section are initially for comparative analysis due to several 

restorations of the case structures recorded in different years by different research groups.  With an 

aim of assessing the acoustical effects of previous restoration works in Süleymaniye Mosque the field 

measurements taken in 2013 (METU-2013) are compared with previous field test data. The common 

acoustical parameter measured and assessed in all field tests is the reverberation time (T30). Some 

previous literature recommends reverberation times of 4.8 s for speech frequencies (500Hz, 1000Hz, 

2000Hz) and 2.8 s in broadband as a higher limit for mosques with similar volume. According to Fig.4 

all of the field tests indicate very long reverberation times, higher than recommended ranges for the 

mosques for unoccupied condition. Especially, 125 Hz is very problematic considering the 

intelligibility of speech; which will be even worse when electro-acoustic system is on, as in today’s 

applications. Both of the first measurements taken by GU-1988 with analogue equipment and the final 

measurements taken by METU-2013 with digital equipment and with an impulse length of 22 seconds, 

indicate 15 to 17 seconds of T30 values at 125 Hz. Thus, it could be stated that 2007-2011 renovations 

have not significantly affected the T30 values at 125 Hz, which are still very high and above the 

acceptable limits for Mosque function. The comparative analysis of field test results indicate that the 

2007-2011 restorations resulted in slightly positive decrease in reverberation time at 500 Hz, whereas 

in overall the values are still higher than the recommended ranges. The attempts for removing 

cement-based plasters, and application of plasters that are compatible with historical lime-based 

plasters, as so declared, are constructive but not yet efficient acoustical interventions; especially in 

control of low frequency sound content.  
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Figure 4. Comparison of T30 field test results of Süleymaniye Mosque by GU-1988, METU-1996, 

DTU-2000, UNIFE-2000, METU-2013 and AU-2013 in field tests, in 1/1 octave bands from 125 Hz to 

4000 Hz. 

 

Figure 5. Comparison of T30 field test results of Hagia Sophia by DTU-2000, UNIFE-2000 and 

METU-2014 in field tests, in 1/1 octave bands from 125 Hz to 4000 Hz. 

In Fig. 5, Hagia Sophia filed test results are compared for different years. Hagia Sophia field tests 

held in 2000, highlight that T30 values in overall are higher than field test results of METU-2014 

measurements. The presence of additional architectural constructions due to ongoing restorations 

within the space during METU-2014 measurements has resulted in a drop of 1 to 2 seconds in overall 

frequency spectrum. On the other hand, the trend of the T30 over octave bands is similar for all Hagia 

Sophia field tests. It is known that, there are no major architectural or form modifications in between 

2000 and 2014 in Hagia Sophia restorations. However, there is no available data before 1992 

restorations to compare the basic alterations of Hagia Sophia, especially in regards to changes in its 

function, and to discuss on the success of cleaning of the mosaics. In its current state, the T30 results 

obtained in recent years by different research groups indicate very high reverberation times within the 

mega-structure, which might be much proper in its original use of church considering liturgical music 

but not for a mosque function. Mid and low frequency T30 average of around 9 s and high frequency 
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averages around 5 s creates a unique aural environment and has the potential to provide acoustical 

field conditions in relation to coupled spaces. Non-exponential sound energy decay is one outcome of 

Hagia Sophia’s architectonic language, which is briefly discussed in the following sect ion. 

4.2 Multi-slope Sound Energy Decay Investigations  

In this section multi-slope energy decay analysis results are presented for some selected test 

positions for Süleymaniye Mosque and Hagia Sophia (Table 1). In overall test positions Süleymaniye 

Mosque provides greater number of decay slopes, mostly double slopes, in comparison to Hagia 

Sophia.  Conversely, for certain source and receiver configuration, the triple slope occurrence in 

Hagia Sophia is drastically higher than its occurrence in Süleymaniye Mosque. This instance is due to 

those specific measurement locations, which are both at side aisles under gallery. In those locations the 

sound source and receiver are together positioned at virtually separated zone (side aisle) with lower 

natural reverberation, as of in a typical coupled space scenario. Here, the coupled space or secondary 

volume which provides energy feedback is the main nave underneath the central dome axis of Hagia 

Sophia.  

 

Table 1. Bayesian estimated number of decay slopes per 1/1 octave bands calculated from impulse 

responses obtained at different source (S) and receiver (R) configurations in Süleymaniye Mosque and 

Hagia Sophia  

 

Süleymaniye Mosque                  Frequency (Hz) Hagia Sophia                         Frequency (Hz) 

S#R# 125 250 500 1000 2000 4000 8000 S#R# 125 250 500 1000 2000 4000 8000 

S1R2 2 2 2 2 2 2 2 S1R2 1 1 1 1 1 1 2 

S1R4 2 2 2 2 2 2 3 S1R4 2 2 2 2 2 2 2 

S1R5  2 2 2 2 2 2 2 S1R5 1 1 2 2 2 2 2 

S1R6  2 3 2 2 2 2 2 S2R1 2 2 1 2 2 2 2 

S2R1  2 2 2 2 2 2 2 S2R2 1 1 1 1 2 2 2 

S2R4 3 2 2 2 2 2 2 S2R5 3 3 2 2 2 2 2 

S2R6 2 2 2 2 2 2 2 S2R6 3 3 3 3 2 3 2 

S2R8 2 2 2 2 2 2 2 S3R1 1 1 1 2 2 2 2 

 

Due to the larger span of arches in Süleymaniye Mosque, the side aisles behind those major arches 

supporting the central dome are not restricted as much as arcades separating side aisles of Hagia 

Sophia. The smaller arches of Hagia Sophia with a basilican plan layout create much defined coupling 

apertures. This architectural layout causes triple slope decays underneath side aisles as in cathedrals. 

On the other hand, the occurrence of multiple sound energy decay in Süleymaniye Mosque can be 

explained by the central dome as an energy accumulation center versus the carpeted floor as a sound 

attenuation surface. In terms of multiple-decay formation, the absorption introduced by carpet floor 

finish versus a reflective upper structure provides an un-diffused sound field. Consequently, the sound 

energy density fragmentation in Süleymaniye Mosque is much obvious in comparison to Hagia 

Sophia’s for its main space underneath the central dome . Thus, the overall number of decay slopes is 

greater in Süleymaniye Mosque than it is for Hagia Sophia. A further investigation of multiple-slope 

decay formation in effect of architectural features in such mega-structures is held by sound energy 

flow analysis through diffusion equation modelling and detailed in another study (17). 

 

5. CONCLUSION 

This study initially summarizes the geometric and material features of two world heritage buildings 

in relation to their interior sound fields and presents the architectural interventions due to different 

restorations. The architectural significance and the immense enclosed main volume and sub-volumes 
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attracted many acousticians and various field tests were held in different years including those held 

within the scope of this study. The T30 values as a common parameter measured in all field tests are 

compared for different years in order to understand the acoustical outcomes in relation to restorations 

and also to document this archival information. Another discussion point, briefly mentioned in this 

study, is that the sacred monuments provide not a single decay with a single reverberation time but 

multiple sound energy decays. For that reason, the use of single slope metrics to define reverberation 

is debatable in analysis and understanding of the decay characteristics within mega-structures 

especially those with multi-domed upper shell typology. The significance of multiple-decay, in form of 

early and late energy, is that the early decay enhances clarity or definition of sound thereby improving 

intelligibility, while the late decay contributes to the reverberance that complements the spir itual 

needs. Thus, the unusual sensation (hearing) of sound in such monumental sacred spaces may be 

explained by overlapping decay curves and their acoustical outcomes.  
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Abstract
The Thomaskirche in Leipzig has a rich musical and cultural history, marked not only by its association with the
Lutheran Reformation in the 16th century but especially by the tenure of J.S. Bach as cantor from 1723-1750. The
church’s interior has undergone several renovations of differing magnitudes since the earliest building constructed in
the 12th century. In the 20th century, acoustician Hope Bagenal and Bach biographer C.S. Terry argued that the ar-
chitectural modifications made by the Lutheran Reformers in the 16th century directly affected Bach’s compositional
palette by reducing the reverberation time and allowing more polyphonic and temporal variation in the liturgical
works composed for the space. The space was measured acoustically in the 1950s, but this captured the response of
the church under the 19th century renovations which had some large differences with the church in Bach’s era. Here
the history of the building and its renovations are presented, as well as acoustical measurements in the current church,
which has been renovated since Bagenal’s time to more accurately match the interior as it existed in Bach?s time.
Some comments are provided Bagenal’s theory as well as the effect of the material and geometric changes made by
the Reformers on the performance of Bach’s music during his lifetime.
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for churches [7, 8]. A special case is represented by baptisteries, rotundae and mosques, which are all based
on a central plan design. The sound field inside such places results in peculiar effects as flutter-echoes and
“whispering galleries” due to the high symmetry of the This paper provides the results of a virtual acoustic
restitution of the St. John’s Baptistery in Pisa, which is part of the monumental complex of Piazza del Duomo
included in the UNESCO World Heritage Site [9]. Based on central plan design, the Baptistery is a significant
example of Medieval architecture, composed of the central volume at the ground floor, with the baptismal font,
the Pulpit and the altar; the ambulatory delimitated by arches and cross vaults; and the matroneum at the first
floor, which is size-comparable to the ambulatory. Due to its long-term construction and the union of styles
coming from different masters, different hypotheses about how the first design should have been, exist [10]. So
that, also the acoustic simulations of such hypotheses were carried out and auralisations of a Gregorian chant
inside the Baptistery were done in order to recreate the perceptive atmosphere of its acoustics.

2 RESEARCH METHODOLOGY
In order to deeply investigate the acoustic behaviour of St. John’s Baptistery and virtually reproduce the sound
inside such a worship place, the followed methodology was applied. A first step was consisted on analysis
of its current acoustics through in situ measurement campaign carried out according to the ISO standard about
performance spaces [11], then the virtual model was shaped and a rigorous calibration process was completed.
The numerical simulations allowed to obtain reliable Room Impulse Responses (RIR) of the Baptistery as it
was and still is, and as it should had looked following the original design according to some historical studies.
Finally auralisation techniques were used to achieve realistic virtual acoustic restitutions.

2.1 Acoustic mesurements
The acoustic measurement campaign was carried out during closing time of the Baptistery in order to measure
the RIRs in unoccupied conditions. The workflow of measure followed the recommendations of the ISO 3382-1
and the guidelines about acoustic measurements in a worship place [12]. 7 positions of sound sources were
selected spread over the ground floor and the matroneum level at the first floor (2 located on the principal
symmetry axis in the altar, 1 near to the pulpit, 2 in the interior and exterior circular of the ambulatory, and
2 placed on the matroneum) and 16 receiver points were identified for the RIRs recordings and two Bruel
& Kjaer 4181 and one Schoeps KFM6 stereo microphone were utilized. Exponential Sine Sweeps ESS were
used as excitation signals using high-SPL sound sources [13]. A proprietary software was used for both signal
generation and impulse responses acquisition [14]. All the environmental conditions were monitored during the
measurement session and registered an average temperature and relative humidity of 18�C and 58 % respectively.
In the table 1 the measured values, averaged for each sound sources, inside St. John’s Baptistery are reported.

Table 1. Measured values, spatially and spectrally averaged, of the ISO 3382-1 acoustic parameters.

EDTM (s) T30,M (s) Ts,M (ms) GM (dB)
Altar (S1) 12.6 12.8 909 15.9
Pulpit (S2) 12.8 12.8 994 14.3
Matroneum (S3) 12.2 13.0 954 12.7

2.2 Acoustic modeling and calibration
A 3D model of the Baptistery was shaped with an approximate interior volume of 24000 m3 and in accordance
with the Geometric Acoustics techniques. In order to avoid the increases of the computational time more than
necessary, the complexity of the geometry was strongly reduced and the final model was composed of about
6300 surfaces. The acoustic simulations were provided by hybrid GA software [15]. A transition order equal
to 2 was used to achieve reliable results for early reflections which are responsible for the perceptual acoustic
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response of the room (TO=2; number of early rays=23518; IR length=20000 ms). The model of the Baptistery
has been calibrated according to the acoustic measurements and 3 out of 7 source positions were selected for
the entire process (two at the ground floor - one on the altar (S1) and the second one on the pulpit (S2) - and
one placed in the matroneum (S3)). The positions of the receivers were subdivided into three groups according
to their placing compared to the ambulatory or the center volume or the matroneum. The calibration workflow

(a) 3D Wireframe (b) Measured positions

Figure 1. 3D wireframe of the calibrated model and the positions of the sources and microphones selected for
the acoustic measurements.

mainly consists of an iterative process which involves the acoustic material proprieties, as absorption and scat-
tering coefficients, and thus the selection of these values is responsible of the reliability of the simulations. A
data collection for credible values of absorption coefficients was carried out basing on the scientific literature
on this matter, according to both the material typologies and historical context [6, 16, 17]. Where necessary
some values were slightly adapted according to the specific case and conditions (e.g. elements which were
simplified or even not modeled), according to similar procedures [20]. About the lacking of complex small de-
tails in comparison to the main volumes was fixed by assigning particular scattering proprieties. The occupied
condition was simulated and analyzed basing on previous researches on this topic [16, 21]. Considering that the
applied sound absorption coefficients depend on the occupancy density, it was decided to adopt a condition with
1 person per square meter and a scattering coefficient of 0.7 as well. The numerical models were calibrated
taking into account the measured values of Early Decay Time EDT , reverberation time T30 and center time Ts.
The calibration process was considered completed once the simulated values were inside the JND values.

Table 2. Absorption (a) and scattering (s) coefficients for all the materials involved in the simulation.

Materials Surface a s Ref.
% 125 Hz 250 Hz 500 Hz 1000 Hz 2000 Hz 4000 Hz

Marble 71 0.01 0.01 0.01 0.02 0.02 0.02 0.30 [18]
Plaster 20 0.07 0.07 0.05 0.03 0.04 0.05 0.05 adapted [18]
Furniture 6 0.12 0.12 0.10 0.04 0.02 0.02 0.70 adapted [17]
Windows 2 0.35 0.25 0.18 0.12 0.07 0.04 0.10 [19]
Wood 1 0.10 0.15 0.18 0.20 0.20 0.20 0.15 [18]
Faithfuls 1.5 0.16 0.29 0.55 0.80 0.92 0.90 0.70 [16]
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2.3 Numerical simulations of the historical models
The perceptible difference between the Baptistery and the external context gave rise to a long debate on what
was the form originally thought by the designer Diotisalvi. Three significant historical studies have been selected
for this paper proposes: De Fleury’s proposal (DF), Boeck’s proposal (BO) and Manenti Valli’s one (MV) [10].
The first two studies were focused on the figure of a cusped dome open on the top with heights corresponding
to the current building. DF’s model was also composed of a lower matroneum than BO’s model and the actual
one. MV model appears considerably reduced compared to the current aspect due to the reduction of the
matroneum height and the hemispherical dome placed on the inner ring.

(a) DF (V=23600 m3; H=50 m) (b) BO (V=23000 m3; H=50 m) (c) MV (V=18500 m3; H=31 m)

Figure 2. 3D Wireframes of the historical hypotheses about the early design of the Baptistery.

Considering these different hypotheses about the early design of St. John’s Baptistery, the same methodology,
described above, was adopted in order to reproduce the acoustics atmosphere inside. Three different GA models
were shaped according to the historical studies and the materials properties (see fig. 3) used in the simulations
were taken from the calibration of the actual model [22]. At the same manner the computational calculation
was set up, taking into account the volume differences between the models, which involve the calculated effect
of the air absorption and the number of rays used. The numerical simulations were ran using the same source-
receivers configurations of the actual model based on the in situ acoustic measurements.
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Figure 3. Percentage of equivalent absorption area of main materials for each octave band (MRB = Marble,
PLS = Plaster, AIR = Air absorption, Others = all the remaining materials listed in table 2.
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Figure 4. Values of T30 averaged over the receivers positions, in unoccupied and occupied conditions, for the
Calibrated and Restitution models.

2.4 Auralisation
The first step on the MIMO (Multiple-Input-Multiple-Output) auralisation workflow was to put in the Baptistery
the sound sources corresponding to each singer, so that a whole choir could be simulated. A virtual choir of
four singers, which may be considered a reference for Gregorian Chant, was simulated. The choir configuration
has been chosen following two displacements: the choir was placed in the ambulatory, directed orthogonally
to the radius of the Baptistery; in the other configuration the choir was near the baptismal font. Such two
positions correspond to different acoustic excitation of the Baptistery, considering the possible effects of sound
focusing. In order to reproduce as close as possible the listening conditions achieved during the performances,
several binaural receivers (multiple-output) are placed on the floor of the Baptistery and Binaural Room Impulse
Responses (BRIRs) were calculated and filtrated with Head Related Transfer Functions (HRTF) for each virtual
receiver. Indeed a set of BRIRs were extracted in occupied conditions in order to reproduce the effect of
the presence of the faithfuls at the ground floor and the layer of the floor was replaced with the layer of
the audience. For the aim of the present work an anechoic motif was recorded [23], which was La missa de
Notre Dame di Guillaume de Machaut (1300–1377), a typical example of musical composition basing on cantus
firmus. Four professional singers of Gregorian Choir, were selected and each singer at time played his part one
after another, following a reference video of the conductor. The recording room was the listening room of the
University of Bologna, treated with high density fiberform (80 kg/m3). The porous materials and box-in-a-box
structure made by gypsum board allow a negligible reverberation in a wide range of frequency. The microphone
was placed at about 1.1 m from the soloist, within the critical radius of reverberation, allowing more than 10 dB
of direct-to-reverberant ratio. Audio-Technica AT4050 microphone have been used thanks to the good recording
capability and low noise characteristics. The microphone has been set in cardioid configuration and has been
pre-amplified and A/D converted by a RME Micstasy.

3 DISCUSSION
In order to analyze the spatial distribution of sound energy inside the Baptistery, the Calibrated and MV Resti-
tution models were selected leaving aside the other two hypotheses of restitution (see above). Such a selection
was done considering which features would have resulted much more interesting to investigate. Indeed MV
Restitution was opted for according to the significant differences in term of volumes (the matroneum volume
is halved compared to the actual one) and shapes (i.e. hemispherical shaped vs tend shaped dome). So that
the investigation was based on the comparison of the spatial distribution of sound energy with the analytical
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prediction curves of Martellotta’s model [7] and generalised µ model [8], elaborated for churches. For sake of
brevity, detailed descriptions of models are not reported here. Seeing that inside the Baptistery the early reflec-
tions still remain after the typical value of 80 ms as limit between the early and late energy part, a time limit
of 800 ms was assumed, according to the measurements and particular characteristics of sound field conditions.
Consequently, the coefficient values introduced by the double-rate decay model [7] were chosen taking into
account such a time limit and the geometric complexity of the space, as well as the absorption and scattering
proprieties of the materials. The same considerations were made in order to fit the simulated values of sound
strength in each measured position to the generalised µ model. A value of 0.4 was taken from [8] for the mean
µ given the high complexity of the geometry of the Baptistery. In Figures 5 and 6, the simulated values of GM
and Ts,3 in unoccupied state are reported and compared to the prediction curves above mentioned.
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(a) Calibrated: V = 24000m3, T30,M = 13s
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(b) MV Restitution: V = 18500m3, T30,M = 11.9s

Figure 5. Simulated GM values in unoccupied state, considering the actual layout (a) and the MV model (b) for
S1 and S2 sound sources positions. “M” subscript identifies mean values over the central octave bands 500 -
1000 Hz. Simulated values are compared with analytical prediction curves: Martellotta’s model (solid lines) [7]
and Berardi et al.’s generalised µ model (dashed lines) [8].

Looking at the distribution of GM along all the receivers (see fig. 5), both the analytical prediction curves give
acceptable fitting, even if they have been applied to churches, which may not geometrically link to central
base spaces as in the Baptistery. This works for both the Calibrated and MV Restitution models. In order
to ensure the applying of such analysis, the distribution of Ts,3, similarly plotted as function of the source-
receiver distance, was compared with the prediction curve of Martellotta’s model (see fig. 6). In both the cases,
the fittings are not achieved and the regression curves associated with the simulated values are shifted down.
Moreover the change of the slope between early and late reflections may move down. According to these
considerations, future efforts have to be made in order to verify the accuracy of the limit time between early
and late reflections, which was approximated to 800 ms in the present work, and the applicability of the method
of investigation used.

4 CONCLUSION
Throughout virtual acoustics techniques, the present paper investigates the sound of St. John’s Baptistery in
Pisa, which is included in a site of UNESCO World Heritage. The measurements inside the Baptistery enabled
an accurate calibration of the virtual model corresponding to its actual status, which provided support to the
analysis of spatial distribution of the sound energy inside the Baptistery compared to analytical prediction curves
adapted for churches. Furthermore the calibrated model ensured numerical simulations of the three different
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(a) Calibrated: V = 24000m3, T30,M = 13s
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(b) MV Restitution: V = 18500m3, T30,M = 11.9s

Figure 6. Simulated Ts,3 values in unoccupied state, considering the actual layout (a) and the MV model (b)
for S1 and S2 sound sources positions. “3” subscript identifies mean values over the central octave bands 500
- 2000 Hz. Simulated values are compared with analytical prediction curve of Martellotta’s model (solid lines)
[7] and fitting from simulated values (dashed line)

hypotheses about the original design, giving support to the historical research. Finally, the developing of MIMO
auralisations of a Gregorian Choir placed into two potential configurations gives back the acoustic render of
such a place, which is significant in terms of both intangible and tangible Cultural Heritage.
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ABSTRACT 
BACKGROUND. Colleagues’ speech is a common disturbance in offices, especially in open-plan offices. 
Irrelevant speech influences cognitive performance and subjective ratings of acoustic satisfaction as well as 
environmental satisfaction. However, only few studies have examined simultaneously physiological, 
performance, and psychological consequences background speech has on humans.  
AIM. The purpose was to compare psychological experiences, cognitive performance, and physiological 
responses in two sound conditions: speech and silence. 
METHODS. We tested 21 subjects in the speech group and 19 subjects in the silence group (sound level of 
ventilation 35 dB LAeq). Speech was played at sound level 65 dB LAeq, which people were supposed to ignore 
while making cognitive tasks and answering questionnaires. The sound condition lasted on average for 48 
minutes. Participants’ performance, psychological experience and various physiological stress reactions (e.g. 
stress hormone levels, heart rate variability) were measured.  
RESULTS. The speech group had lower performance and higher physiological stress level than the silence 
group. Speech was subjectively estimated more annoying and loading, but less tiring than silence.  
PRACTICAL IMPLICATIONS. This study shows that speech influences experience, performance, and 
physiological stress level. Therefore, its influence should be minimized in offices, where work requiring 
concentration is needed.   
 
Keywords: Irrelevant speech, Stress reaction, Office noise 

1. INTRODUCTION 
Noise and lack of privacy are the two most important disturbances in open-plan offices (1). 

Negative effects of poor acoustic environment in office are for example increased distraction, reduced 
privacy, increased concentration difficulties, and increased use of coping strategies (2). Irrelevant 
speech is one of the most disturbing type of noise in the office setting, since it has been shown to 
influence cognitive work performance and subjective disturbance (3). In addition, working under 
office noise can make people to exert, i.e. to put more effort into their task to keep the performance 
level as high as without the noise. Both noise and exertion can cause stress. For example, a study 
comparing a typing task in silence and in office noise, which included speech among other noises, 
found an increase in adrenaline levels when working under office noise (4). The study found no 
difference in typing performance nor in cortisol and noradrenaline levels, but after office noise 
condition people tried to solve less puzzles and they made less postural adjustments to their office 
furniture (4). Another study examining the influence of office noise found effects on memory of words, 
but no other effects on performance or cortisol or norepinephrine levels (5). One more study found 
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due to influence of office noise higher exertion in the head and contrary to expectations lower blood 
pressure (6).  

Speech has been identified as more disturbing for performance than other noise types (7). Not 
many studies have examined how working under speech influences performance, psychological 
experience and physiological stress reaction.  

The purpose was to compare psychological experiences, cognitive performance, and physiological 
responses in two sound conditions: speech and silence. We expect that speech increases stress level, 
reduces performance, and increases negative subjective ratings compared to silence.    

2. METHOD 

2.1 Participants 
Forty people participated the study (22 females, age mean 25 years, min. 19 years, max. 37 years). 

All participants had normal hearing that was tested in the beginning of the experiment. All participants 
gave an informed consent before participating the study. The ethics committee of Hospital District of 
Southwest Finland approved the study (ETMK Dnro 20/1801/2018). 

2.2 Sound conditions 
There were two sound conditions: silence and speech. Silence was wideband noise presented at 

sound pressure level 35 dB LAeq. The condition corresponds to typical ventilation sound in open-plan 
offices. Speech was a radio dialogue at 65 dB LAeq. Both silence and speech had a one-third-octave 
spectrum that was interpolated from the standardized human speech spectrum (8). Silence was on the 
background during the whole experiment, except for the speech group, when speech was on during 
the experimental phase.  

2.3 Participants division into sound conditions 
Participants were divided into two experimental groups (two sound conditions) according to their 

gender and noise sensitivity (NS) score, which was asked when they registered themselves as 
volunteers. NS was measured with Weinstein’s noise sensitivity scale (9). Based on our previous 
sample of 184 respondents, we defined the points, which divided observers into three equal groups: 
high, middle, and low NS. These points were used to divide the observers equally into different sound 
conditions. Table 1 presents the participants in different sound conditions in relation to their NS scores.  

 
Table 1 – The number of participants in each sound condition and the distribution of high, middle and low 

noise sensitivity (NS) participants. The number in brackets represents participants from whom all blood 

samples were successfully acquired.  

 

2.4 Measures 
2.4.1 Psychological (subjective) measures 

After each task, the participants rated how much background sound irritated, bothered or annoyed 
them (annoyance) and how demanding or loading performing the tasks was (workload). The scale for 
both questions was from 0 “Not at all” to 10 “Extremely”. The perceived fatigue was measured using 
Swedish Occupational Fatigue Inventory (SOFI), which gave three scales: tiredness, lack of energy, 
and lack of motivation (10).  
2.4.2 Performance measures 

N-back is a working memory task, where the participant responses whether the current stimulus is 
the same as n stimuli back (11). Three difficulty levels were used n = 0, 1, 2, and 3. Each time, 30+n 
repetitions of each difficulty level were performed. 

Serial recall tasks are also working memory tasks examining how well the participants can keep a 
list of numbers in their mind. Digits from 1-9 were presented in a random order and participants were 

Sound condition High NS Middle NS Low NS Total
Silence 4 (4) 7 (5) 8 (6) 19 (15)
Speech 6 (3) 8 (5) 7 (6) 21 (14)
Total 10 (7) 15 (10) 15 (12) 40 (29)
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asked to write the correct order 10 seconds after the last digit was presented. 11 series were used. Two 
variations of the task were used: visual serial recall (VSR), where the numbers were presented visually 
on the display and auditory serial recall (ASR), where the participants heard the numbers from 
headphones.   
2.4.3 Physiological (stress) measures 

The physiological stress measures used were stress hormone concentration (cortisol and 
noradrenaline) determined from plasma, heart rate variability (HRV) measured with a heart rate 
monitor around participants’ chest, and blood pressure. Plasma was taken from the peripheral venous 
access catheter that was placed in participants’ arm in the beginning of the experiment. From HRV, 
the LF/HF relation was determined. It describes the activity of parasympathetic and sympathetic 
nervous system. The larger values mean greater sympathetic nervous system activity, which means 
more stress. This relation is here called HRVLF/HF, which was calculated for periods of each cognitive 
task separately (VSR, ASR, and N-back).  

2.5 Procedure 
Procedure is described in Figure 1. Silence (35 dB ventilation sound = silence) was present in the 

room in every phase except in the experimental phase where the actual sound condition (silence or 
speech) was presented.  

The experiment started at 11.45 each day and lasted on average for 3 h 19 min. Afternoon was 
chosen because diurnal variation in cortisol concentration is the largest in the morning. In the 
preparation phase, first the heart monitor and then the catheter were put on and hearing was tested. 
This was followed by the practice phase, where all tasks were explained and rehearsed. The baseline 
phase and experimental phase involved the same cognitive tasks and subjective estimations but the 
experimental sound was presented only in the experimental phase (silence or speech). Two participants 
were tested at the same time. The blood samples were taken 6 times during the experiment. Blood 
pressure was measured each time after taking the blood sample. In the questionnaire 1 (Q1), 
participants reported their current state and other background information. Psychological estimations 
related to sound were estimated several times during the experiment. Annoyance and workload were 
estimated after each task (8 times) (IQ1 and IQ2) and SOFI was filled each time after N-back task (4 
times) (IQ2). In the restoration phase, participants filled questionnaires (Q2 personality and Q3 final 
questionnaire) with the silence in the background. The results from these two last questionnaires will 
not be reported in this article.  

2.6 Statistical analysis 
To reduce the influence of individual differences, the difference between experimental phase and 

baseline phase was estimated for the psychological and most physiological measures (experimental 
phase – baseline phase). However, cortisol concentration showed the expected diurnal changes in 
cortisol levels, but also there seemed to be large differences possibly due to excitement in the baseline 
phase. Therefore, with cortisol we used the restoration phase measurement as the reference 
(experimental phase - restoration phase). The performance measures showed more variation in 
performance in the baseline phase than in the experimental phase possibly due to excitement of the 
experiment as well as learning the tasks. Therefore, we examined the performance measures with a 
direct between groups comparison without comparing them to baseline performance.  

The groups were compared with each other using repeated measures analysis of variance, if the 
experimental phase had more than one observation from each participant on that variable. In those 
cases, time was the within-subject variable, sound condition was the between-subject variable and 
noise sensitivity was the covariate. If there was just one observation on that certain variable from the 
experimental phase, then univariate analysis of variance was used with sound condition as the 
between-subject variable and noise sensitivity as the covariate. From the performance measures of N-
back task, only 3-back is reported here, since it was the only that filled the requirements of repeated 
measures analysis of variance. Greenhouse-Geisser correction was used, if the sphericity assumptions 
were not filled (ASR and VSR interaction).  
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Figure 1 – The procedure of the experiment. Red lines denote when the blood sampling took place and the 

grey area when the experimental sound was on.  

3. RESULTS 
Psychological measures are reported in Table 2, where the numbers describe the difference between 

experimental and baseline phases. Therefore, the results report whether the experimental phase was 
estimated differently between the sound conditions, when taking into account the baseline phase. 
Speech was considered more annoying than silence (F(1,37)=33.0, p<0.001). Workload was larger in 
speech (F(1,36)=8.6, p=0.006). Unexpectedly, tiredness was larger in silence (F(1,37)=10.0, p=0.003).  

Performance measures are reported in Table 3. In auditory serial recall task, the last numbers were 
more difficult to remember during the speech than during silence (F(4,152)=5.2, p=0.001) (Figure 2). 
In visual serial recall, there was no similar effect (F(5,170)=1.4, p=0.247). In addition, the 
performance accuracy was lower in 3-back task during speech than during silence (F(1,37)=5.1, 
p=0.029).  

Table 4 shows the results of the physiological measures. Again, the numbers in Table 4 describe 
the difference between experimental and reference phases (either the baseline phase or the restoration 
phase) to reduce individual differences. The results report whether measurements in the experimental 
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phase were different in the sound conditions, when taking into account the reference measurement. 
The difference in cortisol levels between the restoration phase and the experimental phase was higher 
in speech than silence (F(1,27)=4.3, p=0.048). Two physiological measures, noradrenaline and 
HRVLF/HF, showed different interaction depending on the sound condition in relation to time. With 
time, noradrenaline level in the silence condition increased, while it stayed steady in the speech 
condition (F(1,29)=7,8, p=0.009) (Figure 3). N-back was the only task that was done twice during the 
experimental phase, which enables the examination of time in HRVLF/HF. From first to second N-back 
tasks, HRVLF/HF increased in speech, while the value stayed the same in silence (F(1,35)=6,2, p=0.018) 
(Figure 4). This indicates that stress increased with time during speech. 

  
Table 2 – The difference between psychological estimations in the baseline phase and the experimental 

phase. Negative value means that the value is higher in the baseline phase. Positive value means the 

opposite.  

 
Table 3 – The difference in performance accuracy [proportion of correct answers (PCA)] between sound 

conditions.  

 

 
Figure 2 – The proportion of correct answers (PCA) per position of the digit for the two sound conditions in 

auditory serial recall task (ASR). The error bars denote the 95% confidence interval.  

Sound condition

Reference phase

Annoyance*** Baseline 0.18 4.91
Workload** Baseline -0.35 1.03
Tiredness** Baseline 0.57 -0.75
Lack of energy Baseline 0.35 0.49 
Lack of motivation Baseline 0.14 -0.27
*p <0.05; **p <0.01; ***p <0.001

Variable
Silence 
(mean)

Speech 
(mean)

Sound condition

Auditory serial recall (ASR) x 0.59 0.52 
Visual serial recall (VSR) 0.59 0.56

3-back * 0.89 0.84 

Variable
Silence 
(mean)

Speech 
(mean)

*p <0.05; **p <0.01; ***p <0.001
x=The interaction between background noise and position was 
significant.
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Table 4 – Physiological measures in the two sound conditions. The means show the difference between the 

reference phase and the experimental phase. If the value is negative, the value in the reference phase is 

higher. If the value is positive, the value is higher in the experimental phase. 

 

 
 

Figure 3 – Interaction for noradrenaline levels and time for the two sound conditions. The values represent 

the averages of the difference between the measurements in the baseline phase and the experimental phase.  

Sound condition

Reference phase

Cortisol  [nmol/l] * Restoration -8.62 36.56
Noradrenaline [nmol/l] x Baseline 0.22 0.02 
Systolic blood pressure [mmHg] Baseline 2.90 0.83 
Diastolic blood pressure [mmHg] Baseline -0.49 -0.85 
HRV LF/HF ASR Baseline -0.28 0.15
HRV LF/HF VSR Baseline -0.06 -0.32

HRV LF/HFN-back x Baseline -0.13 0.04 
*p <0.05; **p <0.01; ***p <0.001
x=The interaction between background noise and time was significant.

Variable
Silence 
(mean)

Speech 
(mean)
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Figure 4 – Interaction for HRVLF/HF N-back and time for the two sound conditions. The values represent the 

averages of the difference between the baseline phase and the experimental phase.  

 

4. DISCUSSION 
Working in speech influences performance, psychological experience, and physiological stress 

measures. Speech was estimated more annoying and loading than silence, but it was also estimated as 
less tiring than silence. This might be due to the energetic radio dialogue used as speech. In speech 
condition, remembering the last words in auditory serial recall task was harder than in silence and 
the accuracy of 3-back task was lower. The decrease in performance due to speech is in line with other 
research (7). Absence of the effect of sound condition on performance in visual serial recall was 
unexpected, since some studies have found an effect of speech on performance during visual serial 
recall task (12,13).  

Speech increased cortisol levels. Previous research has found no effect of office noise on cortisol 
levels (4–6). However, in these studies, the background sound was office noise that contained only 
some speech, and in this study, speech involved an entire radio program (continuous dialogue). In 
addition, the level of speech was higher in our study than in previous studies (4) and (5), 55 and 51 
dBA, respectively. Contrary to expectations, there was a statistically significant interaction in 
noradrenaline levels and time; however, we interpret the effect to be so small that it is not 
physiologically significant. The stressfulness of speech with time can be seen in HRVLF/HF N-back, 
which level rises with time during speech but not during silence.   

5. CONCLUSIONS 
Irrelevant speech corresponding to the sound level of normal conversation is considered annoying 

and loading, it decreases performance at least in tasks requiring cognitive working memory processing, 
and produces physiological stress reaction. With time, these effects can be harmful for employees’ 
health and motivation. For these reasons, special attention should be given for reducing speech noise 
in offices. For this reason, Finland has set new building regulations concerning e.g. the room acoustic 
target values in open-plan offices (14).  
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ABSTRACT 

Workers in open-plan offices are often objected to irrelevant speech, which leads to decreased cognitive 

performance. With acoustical treatments, such as sound masking, the cognitive impact can be reduced, but 

there is no objective procedure to assess this improvement in real office environments. For in-situ evaluation, 

a robust test procedure is required. 

The serial recall test used in laboratories requires masking levels to be higher than the speech concealed, 

which seldom is the case in real offices. Therefore, a dual-task paradigm was investigated, which measures 

latencies for auditory stimuli presented in noise and silence. The method, originating from audiology for 

listening effort measurement, showed significant differences even for little masked, clearly intelligible 

speech. The underlying cognitive processes leading to those differences in response times need to be 

understood.  

Experiments with 21 normal hearing participants were conducted to investigate the memory component and 

the auditory identification process in the listening effort experiment. A comparison to the serial recall test was 

carried out. The findings suggest an arousal effect at work, with faster replies for higher masking in serial 

recall and listening effort test. The two tests seem to analyse different cognitive aspects. 

Keywords: serial recall, reaction time, listening effort 

1. INTRODUCTION 

Open-plan offices are the favoured design concept for many offices nowadays due to high spatial 

efficiency, flexibility and claimed increase exchange of information. The major downside of this 

concept is the poor acoustical performance, leading to distractions, difficulties to concentrate and 

fatigue. Overheard conversations of colleagues are the main source of distraction.  

In psychology, the effects of fluctuating sounds such as speech on cognitive performance are well 

researched and termed irrelevant sound effect (ISE). They affect especially the short-term memory. 

The related test procedure is a serial recall of digits (SR), which is a widespread laboratory experiment. 

The more predominant the fluctuation, the higher the error rate in SR. A model linking decreased 

performance in serial recall tests to the speech transmission index (STI) can be found in [1]. STI is a 

technical parameter of speech intelligibility reaching from 0 for no speech intelligibility at all to 1 for 

perfect intelligibility. The error rate in SR remains high, as long as STI is high (> 0.5). The major 

transition from full to no impact of irrelevant sounds happens roughly between STI=0.4 and STI=0.3. 

So, if the transition is of interest, only a narrow band of ΔSTI = 0.1 is relevant. For higher STI, SR 

shows a ceiling effect. To understand the transition band and impact of highly intelligible sounds, 

other approaches would be helpful. Short term memory performance is only one of the fundamental 

cognitive functions currently serving as proxy for overall cognitive performance in the office context. 

However, there are more domains affected by irrelevant sound, which are harder to analyse in tests, i.e. 

privacy. Still, the field would benefit from a broader variety of test procedures available.  

 

In audiology, many users of hearing aids complain of fatigue, as the cognitive effort to identify 
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signals remain high despite amplification of the signal by the hearing aid. For this reason, test 

procedures to measure listening effort are developed. In [2] a procedure is presented to quantify the 

effort by response time (RT) measurements and significant effects for highly intelligible sounds are 

found. The procedure is based on digits of a telephone hearing test combined with a simple arithmetic 

task. This procedure is further investigated in the experiments presented.  

 

It is unclear, which underlying cognitive process in the experiment presented in [2] causes the 

response times to vary between conditions. In order to gain better understanding, firstly, a replicate of 

the original experiment was set up. Secondly, two variations were created to thirdly and finally 

compare the findings to SR results of the same subjects.  

  

2. TEST PROCEDURES AND HYPOTHESIS 

A scheme of the original listening effort experiment can be found in  Figure 1. The dual task 

paradigm is based on triplets of digits from a telephone hearing test [3]. To create different listening 

conditions, the digits are masked by noise in some of the conditions. The difference in response time 

(ΔRT) between Condition A without noise added and Condition B with masking noise serves as 

indicator, how much the listening effort increases. Four different signal to noise ratios (SNR) were 

chosen, in line with the original experiment: SNR1=-6 dB, SNR2=-1 dB, SNR3=+4 dB (Condition B in 

Figure 1) and SNR4=+∞ (that is digits in silence, Condition A in Figure 1). The lower the SNR, the 

lower the intelligibility of the digits sounded. The spectrum of the masking noise resembles the 

spectrum of the digits used. The digits were played back with 60 dB(A) over all conditions in all 

variations and the masking sound adjusted according to the sound condition.  Overall, four different 

tests were used for the investigation: 

 

 

Figure 1 – Scheme of replicated listening effort test by [2] 

 

2.1 Original arithmetic listening effort task (HA) 

The original listening effort task (termed Houben Arithmetic (HA) in the following) was to sum the 

first and the last of the three digits, entering the result as quickly as possible, ignoring the second digit 

sounded. From the end of the third digit sounded to the entry, the response time was measured. The 

result of this easy arithmetic task can be checked. This helps to confirm that the task was carried out  

correctly and to reject wrong entries. 

HA contains both, an identification component of the digit, which can be prolonged by lowering the 

SNR and a memory component, remembering the first digit, whilst ignoring the second digit. It 

remains unclear, to which extend the memory component contributes to prolonged RT in masked 

conditions. In the experiment, the task was replicated to compare it with the variations created.  

2.2 Variation on the memory component (HM) 

To find out, if the memory component has a significant effect on reaction times  in HA, the task was 

changed. Always the same digit (one) was added to the last of the three digits sounded, a process that 

resembles counting. What remains is the identification of the last digit, as counting in a range to 9 is 

practiced from early age and should create very little cognitive effort. Thus, it is hypothesized, that RT 

will be shorter than in HA and show the same trend as HA for different SNRs. 

2.3 Variation on the identification component (HV) 

To investigate the impact of the identification component in HA, the triplet of digits is presented 

2377



 

 

visually. The masking noise is presented aurally, despite it having no impact on the identification of 

visually presented digits. From this variation, the core RT of the arithmetic task should remain. RT 

should be faster than in HA over all four conditions and show the same trend as HA. 

 

2.4 Serial recall task (SR) 

The serial recall task was presented aurally under the same masking conditions as the listening 

effort experiment. Nine digits were sounded and recalled by the test subjects. There was no retention 

phase after the last digit. RT for each digit and the error rate were recorded. The masking sound did not 

fluctuate and thus no irrelevant sound effect (ISE) was expected. Without ISE, the error rate is the 

same in all four SNR-conditions, unless prolonged identification processes lead to higher error rates. 

Further, the response times from the last digit sounded to the entry of each digit are recorded. The goal 

is the comparison of RT between SR and listening effort tasks. 

 

Table 1 shows the number of repeats and specifies the conditions performed by each of the subjects. 

It also shows the levels of the digits and masking sounds used plus the resulting SNR.  

Table 1 – Experimental items performed by each subject 

 

 

2.5 Participants, equipment and methods 

The experiments were conducted in the laboratory at Fraunhofer-IBP in Stuttgart, Germany, with 

German as experimental language. The 21 subjects (15 female, 6 male, 21-29 years, average 24 years) 

were students from Hohenheim University, collecting experimental hours as part of their program. The 

number of subjects was oriented on group sizes to find the ISE in laboratory experiments and is higher 

than the 12 subjects in [2]. The experiment took 90 minutes without break. The sound signals were 

presented on headphones (Sennheiser HD280 pro), calibrated with the noise signal used in the 

experiments to 60 dB(A). The instructions and stimuli were presented by PsyScope (B57), running on 

Macintosh computers. The order of the tests and conditions were randomized, each beginning with a 

training sequence, followed by 40 repeats (SR: 20) in each condition, see Table 1. The entries were 

made by mouse clicks on screen. 

 

2.6 Statistical analysis 

Response time data is not normally distributed. For this reason, the data was transformed with the 

natural logarithm and normality was checked with the Shapiro-Wilk test. The analysis of the data sets 

was carried out in SPSS with one- and two-way repeated-measures ANOVA, followed by Bonferroni 
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and post-hoc tests. 

 

3. RESULTS 

3.1 Listening effort tests 

The raw data was viewed and outliers removed (RT < 100 ms and RT > mean + 2 standard 

deviations) based on [4]. One data set was removed as there were too many wrong answers. Raw and 

corrected data is shown in Figure 1, with the test conditions on the X-axis and response time RT on the 

Y-axis. From this overview, it can be observed, that on average, the original listening effort task HA 

took the participants longer to perform than HM and HV. One would expect, that lower SNR ( i.e. SNR 

= -6 dB) leads to longer RT compared to digits played in silence (indicated by S in Figure 1), as 

perceived listening effort is higher at low SNR. However, the trend expected cannot be observed. 

 

 

Figure 1 – Data raw and corrected from listening effort tests HA, HM and HV for all SNR conditions 

 

The HA results are compared with findings in [2], see Figure 2 (left). Both trend and spread are 

different from published data in [2]. Whilst in the original publication (magenta line) all four 

conditions lead to statically significant differences, none of the findings of the replicate (blue line) is 

statistically different, F(3,57) = 1.69, p > .05, Mauchley’s test confirms sphericity for all data sets. 

Further, the trend reported in [2] could not be replicated. 

  

Figure 2 – RT of HA compared to published results (left) and for test variations (right) with 95% CI, 

SNR1=-6 dB, SNR2=-1 dB, SNR3=+4 dB, SNR4=+∞ 

 

When the task is reduced to identify and add 1 to the last digit sounded in HM, RT decreases to 

around 600 ms over all four masking conditions. The statistical test reveals that none of the SNR-levels 

is significantly different, F(3,57) = 1.13, p > .05. The results can be found in black in Figure 3 (right). 

The visual presentation of the digits HV lead to the red curve in Figure 3. Here, the ANOVA results 
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F(3,57) = 3.56, p = .018 are significant. The Bonferroni post-hoc test reveal that SNR1 = -6 dB is 

significantly different to SNR3 = +4 dB, p = 0.037. This finding contradicts the hypothesis that all four 

SNR levels should show the same RT, as the listening effort is the same in each case.  

 

 

3.2 Serial recall 

First, the correct answers in SR were counted over 20 repeats performed. The averaged results are 

shown in Figure 5 (left). The results show, that for digits 5 – 8 only 30-50% are correct answers, 

whereas the first and last digit is correct in roughly 90% of answers. Those are typical results in SR 

tests. SNR as independent variable is spherical, as Mauchley’s test confirms . A repeated-measure 

one-way ANOVA shows that there are no significant differences in correct answers for the different 

levels of SNR, F(3,60) = 1.45, p = .237. This result was expected based on the non-fluctuating 

character of the masking sound. Apparently, the identification process of digits does not have any 

effect on the level of right answers. 

 

Figure 5 – Serial Recall test, Left: correct answers, Right: response time of correct items 

 

Second, the RT in SR appears to be much longer than in listening effort tests. For the first entry, 

almost all participants took longer than 1000 ms, whereas in listening effort tests, the entry took 

between 500 ms and 800 ms. There are several ideas, why this could be: The subjects may lose track of 

how many digits are sounded and take time to realize, the series has ended. Further, it could be that 

memorizing the digits still continues after the last digit has been sounded. Whatever the reasons for the 

delay, there is a difference to the listening effort test variations. 

 

Third, the response time is analysed. As two subjects showed much longer RT, they were excluded 

from the data set under investigation. The remaining 19 data sets with 20 repeats for each 

SNR-condition were tested for normal distribution for each digit (Shapiro-Wilk test), which mostly 

was the case, p > .05. The averages were plotted in Figure 5 (right). A one-way ANOVA was utilized to 

find out, if there are significant differences between the four SNR-levels for each of the digits. Table 2 

shows the results both for Mauchley’s test and a ANOVA for every digit. Significant levels were 

reached for digits 6-9. The Bonferroni post-hoc test could identify only one significant difference for 

digit 9, where SNR1=-6 dB is significantly different from the unmasked condition, p= .035. There are 

five interactions, which are close to significant levels, p < .10.  

 

Fourth, it is worth noting, that the subjects performed slowest for digits played with no masking 

sound and fastest in lowest intelligibility of the digits. Like in the HV experiment above (see Figure 3, 

right, red line), this contradicts the idea that masked sounds necessarily increase latencies.  

Table 2 – Test results for serial recall 
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4. DISCUSSION 

The findings of [2] could not be replicated. There are no significant differences for SNR-conditions 

in HA, which were expected to be found. This is surprising and a close comparison of the two setups 

was performed to identify potential reasons. The overall level of presentat ion in [2] was kept constant 

at 70 dB(A) over all conditions in [2], whereas in the experiments presented, the digits were presented 

at 60 dB(A) over all conditions and the masking sounds had different levels. We picked this way of 

presentation to opt out differences in hearing threshold affecting the intelligibility between SNR 

conditions, as we did not perform a separate hearing test. With fixed level of the digits and a variation 

of SNR needed, the presentation levels were between 60 dB(A) and 67 dB(A). The other difference 

concerns the statistical analysis, which has no impact on trends found in descriptive statistics.  

 

In HM, response times decrease as hypothesized (compare HM to HA in Figure 3) due to reduced 

task complexity. No significant difference between SNR conditions can be found. The trend is flat in 

HM as in HA. As no change over SNR can be observed in both experiments, no conclusions can be 

drawn, which role the memory component plays in this variation.  

Further, it was hypothesized that if auditory identification was removed, there would be no 

difference between the SNR-conditions in HV. However, it was found that SNR1 = -6 dB differs 

significantly form the condition SNR3 = +4 dB in the HV experiment. This can only be explained by 

the different level of the masking sound presented as the only difference between the conditions. 

 

The logic applied in the listening effort experiment that masking increases the response latenc ies 

due to higher cognitive effort is contradicted by the results shown above. The participants took longer 

to perform the serial recall test in silence than they did in partly masked conditions. Further, the first 

entry was made later in SR, despite the masking sound being identical and the recall did not involve 

further cognitive tasks, such as summing digits. 

An alternative interpretation could be adopted, that several mechanisms are at work: While 

identification of the digits is harder for low SNR, the time lost is balanced out by higher overall arousal 

level of the nervous system of the subjects [5]. If this applies, it would mean that RT is very sensitive 

to perceived loudness level changes. To confirm this idea, the test needs to be re-run with equal sound 

level or even better, equal loudness, over all SNR conditions. However, for practical applications in 

which the level cannot be set, the test procedure would not be suitable. 

5. CONCLUSION 

The research idea was to find a test procedure to objectively assess impact of noise on the cognition 

of listeners. The dual task paradigm investigated was reported to find significant differences in 

response time even for very little masked signals, which is an important aspect in open-plan offices. 

These findings of the initial experiment could not be replicated. From the set of experiments it appears 

that there is a level-based effect at work, as faster responses appear in a visual representation of the 

listening effort experiment and in serial recall for the signals with lowest intelligibility and the highest 

levels in the set. The set of experiments could be repeated in future with equal sound level over all 

conditions to rule out different arousal levels possibly leading to faster response times. For serial recall 

in aural presentation, the error rate did not change over the SNR-levels. The two test procedures appear 

to investigate different cognitive aspects, as response times are very different. This does not rule out 

that test procedures based on reaction times might be helpful to investigate the impact of irrelevant 

sound on office staff. Further research to understand the cognitive mechanisms at work in the listening 
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effort tasks presented would benefit both, office staff and the hearing impaired. 
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ABSTRACT 
The open plan office is a complex sound environment existing of speech, office equipment sounds, sounds 
from building services and other background sounds. Each type of sound can have a different influence on 
the performance or well-being of the office workers. Much research reports which sound sources are 
perceived to be most disruptive or annoying. To some extent, acoustic measures such as sound absorption 
and screens can be used to reduce the intelligibility of speech or the sound level of noise sources. Nevertheless, 
office workers need to deal with the acoustic environment they work in. In this research it is investigated 
which coping strategies are used by office workers for different sounds and how these strategies are perceived 
to be effective for improving productivity. Questionnaires were distributed among workers in three different 
companies that have problems with sound. Results show that ‘discussing the noise problem with colleagues’ 
is perceived as the most effective strategy when intelligible speech is the problem. Less effective, but more 
often applied, are so-called avoidance strategies such as ‘put work off’ and ‘interrupt work’, which is striking. 
Ear plugs are only perceived to be effective when speech is unintelligible or other sounds are disturbing. 
 
Keywords: Open Plan Office, Coping 

1. INTRODUCTION 
Over the last decades, there has been a fundamental shift in the structure of the economy, from a 

manufacturing based to a more service and knowledge based economy (1,2). Therefore it is becoming 
increasingly important to establish an office environment that improves the performances of its 
occupants. In line with this development, we see that health and wellbeing of employees is becoming 
more and more important (e.g. introduction WELL Building Standard and Fitwel). Corporates are 
recognizing that employees and staff are not an expense, but can be valued as a capital resource. And 
that is not strange, as in general staff costs including salaries and benefits, typically account for about 
90% of the business operating costs (3). As office employees spend a large proportion of their time at 
work, it should be self-evident that the physical office environment influences their health and well-
being (4; 5; 6). 

Over the past years, the physical workplace evolved frequently. To date, the open-plan office is a 
common used office type. There are a lot of economic benefits of an open space, such as: shortening 
walking distance between desks and promoting communication, information flows, working 
relationships and fresh and modern architecture. However, with the introduction of the open-plan 
concept, health and comfort issues, such as improper lighting, bad ventilation (7), lack of privacy (8, 
9) and increased workplace noise (9,10) became present.  

A supporting workplace environment is said to have the ability to encourage employees with their 
productivity and task performances. Therefore, the physical office environment is increasingly 
becoming important for especially knowledge companies. The quality of this physical environment is 
based on several ambient attributes of the office environment, such as light, air quality, temperature 
and noise (11, 12). Acoustics are one of the most important ambient attributes of the modern office 
design, as sound or noise is something that cannot be avoided in an office. However, compared to the 
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other ambient factors, there is less known about acoustics. To date, it is known that speech and 
conversations are one of the most annoying sources in the office environment. Research that has been 
done focus on the effect of this noise source on task performance, such as proofreading (13, 14, 15) 
or text typing (16, 17). However, the existing researches seldom focus on the perceived effects.  

So sound is something that cannot be avoided in an office environment. Therefore it is important 
to know how someone perceives noise, as the distinction between sound and noise is very subjective, 
since noise is a subjective judgement. This is particular to each individual, place and task. To reduce 
the negative effects of noise, individuals can cope with noise by various types of coping strategies.  
However, beside some research from (18) about several coping strategies in private office rooms and 
open-plan offices, not much evidence exists in the field of personal coping strategies. The lack of 
information about the perceived effect of noise and how people cope with noise, results in the 
following research objective: 

The aim of this research is to provide insights in the effects of different sources of noise in office 
environments on perceived productivity and how different types of employees cope with it. In addition 
this research aims to provide insights in the effects of coping behavior on the perceived productivity. 
To achieve this research objective, the main research question is: 

What is the effect of different types of noise on perceived productivity and coping behavior in the 
open-plan office environment and which coping strategies are perceived as most effective? 

2. Literature 
To be able to recognize what causes noise in the office environment and to understand the relation 

between noise and productivity, it is important to dive deeper in concepts such as acoustics, sounds 
and noise in the office environment. Employees indicate that noise is the second biggest cause of 
distraction and dissatisfaction in the office environment, after lack of temperature control (19). The 
literature distinguishes four categories of office noise, including speech and conversations, office 
equipment, installations and background noise (20, Canada Safety Council, n.d.). In the case of speech 
and conversations, it is not the level of speech that has effect on productivity, but it is the speech 
intelligibility that affects an employee’s productivity. In all other cases, it is assumed that the level of 
decibels affects the working conditions. Noise has not only a negative effect on productivity in its 
broadest sense, but can also have effect on a particular task, such as text reading or typing.  
Intelligible speech decreases working memory and receptive reading (21, 22), while a ringing 
telephone appears to have a negative effect on cognitive performances, which indirectly affects an 
employee’s productivity (23). In other terms, typical office tasks are negatively influenced by various 
office noises, hence these have a negative effect on productivity.  

If employees perceive that their productivity is influenced by office noise, they can adapt strategies 
or skills to deal with the noisy circumstances. This is called coping behavior (25). Coping behavior 
focuses on controlling the situation despite the noise or aim to neutralized the noise. Coping can be 
conceptualized and distinguished as approach and avoidance, which refer to respectively seeking 
treatment for a stressor or ignoring and avoiding the stressor (26). People with good coping skills tend 
to have better adjustment in life. People with positive coping behavior are better motivated, are able 
to push through, can successfully tackle challenges, are more likely to achieve goals, have better 
sleeping patters and have better physical and psychological health (25). Oseland and Hodsman (27) 
examined the relation between noise and coping behavior, but did not succeed to define various types 
of coping behavior, like Kaarlela-Tuomaala et al. (18) did. As a result, eleven coping strategies could 
be defined and described: 

 
1. Discussed the noise problem with colleagues 
2. Made an even greater effort 
3. Put the work off till another time  
4. Done their work more slowly than usual 
5. Put on some music or earphones 
6. Interrupted their work or left their desk 
7. Tried to be quieter in the hope that colleagues did the same 
8. Changed your work station or did the work home 
9. Made a proposal to management to improve the acoustic conditions 
10. Used earplugs or hearing protectors 
11. Do nothing 
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Some of the strategies above are combined in this research, for example interrupted their work or 
left their desk. Interrupt your work or leave your desk are two different ways of coping with noise. In 
some situations, it could be that an employee would leave his or her desk, while in other situations he 
or she would interrupt his or her work, but would not leave his or her desk. Therefore this coping 
strategy is in the conceptual model divided into interrupt your work and change your workstation or 
location. To clarify the difference between some coping strategies, some strategies are described in 
more detail. To illustrate, the coping strategies put work off till another time and interrupt your work 
could be seen as the same coping strategy. That is why to the latter strategy has been added seek some 
distraction and resume your work afterwards. This ensures that the respondents could see the 
difference between the two strategies. At last it is worth mentioning that the coping strategy do nothing 
is added to the conceptual model. Do nothing and ‘accept’ the noise conditions is one way to handle 
the noise and therefore a coping strategy that will be measured during the survey.  

3. Research approach 
A questionnaire was distributed in order to gather data about preferences and attitudes related to 

coping strategies and effects of various noise sources. The questionnaire contained questions about 
the various noise sources for which the respondent had to indicate to what extent these sources affected 
the perceived productivity. It included statements about coping strategies and their effect on perceived 
productivity. The questionnaire was distributed between the 3rd of September and 10th of October 
2018 among three companies which had to deal with acoustic problems in their office environment. 
In total 461 people received the online questionnaire. Thereof 150 people filled in the questionnaire 
(64 men and 86 females), which results in an acceptable response rate of 33 percent. However, the 
generalizability of the sample is questionable, because the variables gender, age and educational level 
differ significantly when compared with figures of CBS (Dutch national statistics agency). The sample 
represents ages varied from 22 till 66 years, with an average age of 41 years and a fairly high standard 
deviation of 11 years. In general, it can be seen that the majority of the sample has a vocational 
educational level with a percentage of no less than 82.0 percent. 12.0 percent is in the possession of 
a Master’s degree or PhD. One of the respondents stopped education after primary school.   

After data description and preparation, further analyses could be examined. The Chi-Square test 
(X2-test) is used to determine whether there is a significant difference between the expected variables 
and the observed variables in one or more categories. This test has been performed to examine the 
relation between noise sources and coping behavior. In case of small expected counts, a Fisher’s exact 
test is used. Additionally, the Lift-ratio is used to analyze to what extent the choice for a specific 
coping strategy differs between the various noise sources in more detail. By doing this, it can be 
analyzed if a particular coping strategy is a specific coping reaction to a particular noise source. 

4. Results 
Table 1 provides an overview of the distribution of noise sources that affects the respondents’ 

perceived productivity. It needs to be mentioned that in this stadium it provides no information to 
what extent a noise source is influencing the productivity, it only indicates if a particular noise source 
affects the perception of productivity of the respondents. It says something about how many 
respondents indicate that a particular noise source influences productivity and not to what extent. In 
conclusion, 80.7 percent of the respondents indicate that intelligible speech conversations (near one’s 
desk) is influencing perceived productivity. Intelligible speech from telephone conversations (74 
percent) is the second most common noise source that is influencing self-estimated productivity. The 
two noise sources that are least often selected as having effect on productivity are installations and 
music, with respectively 18.7 percent and 16.7 percent.   
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Table 1 Overview of distribution noise sources 

Noise source N  Sample 

Speech and 

conversations 

Intelligible speech conversations (near one’s 

desk) 

121 80,7 % 

Intelligible speech conversations in adjacent 

rooms 

60 40,0 % 

Intelligible speech conversations at common 

facilities (e.g. coffee rooms or coffee machine) 

44 29,3 % 

Intelligible speech from telephone conversations 111 74,0 % 

Unintelligible background conversations 72 48,0 % 

Office equipment Telephones ringing 89 59, 3% 

Printers/ fax/ shredder/ coffee machine 44 29,3 % 

Installations Ventilation or air-conditioning system 28 18,7 % 

Background noise Music (radio or piped-in) 25 16,7 % 

People passing-by, entering or leaving the office 54 36,0 % 

Noise from outside the office building 34 22,7 % 

Sound of a particular colleague 65 43,3 % 

 
As employees start coping with office noise, it seems that they most often choose for the avoidance 

coping strategy make even a greater effort (49.8 percent of respondents indicate to use this coping 
strategy), followed by the approach coping strategy discuss noise problem with your colleagues (43.6 
percent of respondents indicate to use this coping strategy). Also in total, the avoidance coping 
strategies are more often chosen in comparison with the approach coping strategies. Surprisingly, 
despite that the respondents choose more often for the avoidance strategies, the approach strategies 
are perceived to be more effective in to boost perceived productivity. So they know that approach is 
better than avoidance, but do not as often choose such a strategy. The approach coping strategy discuss 
the noise problem with your colleagues is perceived to be the most effective coping strategy to boost 
perceived productivity, followed by continue work at home. The least effective coping strategy is the 
avoidance strategy try to be more quiet in the hope that your colleagues do the same. It is worth 
mentioning that the coping strategies change your desk or location and continue work at home cannot 
be used by every respondent because they have an allocated work location or do not have the 
possibility to work at home. Analyses that are performed including only the respondents that are 
actually able to use these two coping strategies, continue work at home is perceived to be the most 
effective coping strategy followed by change your desk or location. 

The Lift-ratio is used to analyze to what extent a noise sources triggers a specific coping strategy. 
The results of the Lift-ratio show interesting findings, see table 2. The results in table 2 show that 
there are specific coping strategies in relation with the noise sources, see green column. This means 
that when it is known which coping strategies are present in an office environment, this can be an 
indication is for the noise sources that are present and have influence on the perceived productivity 
of the employees. If it is know which noise sources are present, one can act on this. For example, if 
employees tend to interrupt their work, this is an indication that there is too much intelligible speech 
that affects the perceived productivity of the employees. 
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Table 2. Overview of specific coping reactions* 

Noise source Specific coping strategy Least chosen strategies  

Intelligible speech (near one’s 

desk) 

- Interrupt work 

(seek distraction) 

- Try to be more quiet 

- Do nothing 

Intelligible speech at common 

facilities 

- Proposal to management - Put work off (change to a 

less demanding task) 

- Try to be more quiet 

Intelligible speech telephone 

conversations  

- Put work off (change to a 

less demanding task) 

- Interrupt work  

(seek distraction) 

- Try to be more quiet 

Unintelligible background 

conversations 

- Use earplugs or ear 

protectors 

- Interrupt work (seek 

distraction) 

People passing by, entering or 

leaving 

- Do nothing  

Sounds of particular colleague - Try to be more quiet - Interrupt work (seek 

distraction) 

*the outcomes of specific coping strategies are only related to offices 

5. Conclusions and recommendations  
The intention of this research was to reduce the research gap of existing scientific knowledge, 

including the perceived effects of noise, coping behavior in relation to noise and the effects of coping 
behavior on perceived productivity.  

In conclusion, this research examined the effects of office noise on perceived productivity and 
coping behavior. Based on the analysis and the results, it can be concluded that a distinction can be 
made between the noise sources and their effect on perceived productivity. Speech and conversations 
are most often indicated as affecting the perceived productivity, including intelligible speech near 
one’s desk and from telephone conversations. Employees choose different coping strategies to respond 
to these noise sources. The effect of these coping strategies on perceived productivity differs per 
strategy, but in general it can be stated that discuss the noise problem with your colleagues and 
continue work at home are perceived to be the most effective strategies. In addition, it appears that a 
number of noise sources trigger a specific coping reaction. When employees are exposed to a noise 
source which affect their perceived productivity, they cope with a specific coping reaction.  

This research contributes to the knowledge in the research field of ambient factors in the office 
environment. Many studies focus on light, temperature or air quality, while less is known about 
acoustics and noise in the office environment. Additionally, a lot of these studies focus on individual 
task performance, while the existing studies seldom focus on the perceived effects. Concerning the 
coping behaviors, there were studies that examined coping behavior, but just a few conducted a 
research on the effect of coping behavior on noise. Hence, not much is known about the effect of 
coping strategies on perceived productivity. 

Recommendations for further research were based on several limitations of this research. This 
research is conducted in perspective of individual focused work, desk based in offices. Additionally, 
the coping strategies are also analyzed in perspective of individual focused work. The stimuli that 
affect perceived productivity depend on the type of work an individual performs. Future studies could 
focus on the perception of noise sources and how employees cope with these noise sources during 
different working activities. Also, personal characteristics of the employees should be included, to 
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find out their relevance in explaining coping behavior. The companies that participate in this research 
were all dealing with acoustic problems in their office buildings. An additional recommendation 
would be to do the same research with another focus group with less acoustic problems. Further 
research could analyze for instance what the effects are of coping strategies on perceived productivity 
in less noisy conditions. Furthermore, an interesting field for future research would be the effect of 
coping strategies on perceived productivity per noise source. A last recommendation, is to perform 
further research on the actual effects of coping strategies on productivity instead of the perceived 
effects. 

A full version of the research report can be found in the master thesis by the first author (28). 
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ABSTRACT 

Human activity is crucial regarding the sound level in open plan offices. However, design and evaluation 
standards such as ISO 3382-3, as well as most measurements in office environments, do not take into account 
how much noise is being produced or acceptable to receive in actual work situations. The Liveliness index - 
classifying sound environments as 'Quiet', 'Tranquil', 'Lively' or 'Turbulent' - aims to fill this gap.  
Different types of work come with different requirements for, or sensitivity to sound production. Using a 
high density sensor grid, the Liveliness method allows for accurate sound activity measurements specific to 
each type of work present in a certain organisation. Combined with room acoustical parameters, these can be 
used as a design tool, indicating the desired privacy or nuisance distances specific to the types of work that 
characterise an organisation. Such dedicated design helps avoiding discomfort and productivity loss. Since 
the method uses descriptions rather than decibels to qualify the sound environment, communication with 
people unfamiliar with acoustics is also simplified. This paper suggests how to use Liveliness as a design 
input, and summarises our recent experience applying it in different office environments. 
 
Keywords: human activity, design tool, zoning 

1. INTRODUCTION 

Noise is considered one of the most significant causes of discomfort and productivity loss in open 
plan offices. The perceived level of discomfort increases when the noise level in an office rises (1), 
but the sound pressure level (SPL) itself barely affects performance (2,3). When it comes to 
productivity, the presence and loudness of intelligible irrelevant speech is more important. It causes 
distraction, which results in loss of performance in a number of common office tasks, particularly 
those involving word processing (4–6). The second most important source of distraction is the sound 
of ringing phones, followed by machine noise and the sounds of people walking by (7–9).  

This means that human activity in the office is by far the most important reason for office 
employees to experience discomfort and productivity loss. Designers and consultants involved in the 
development of such office environments therefore have a great responsibility to carefully consider 
their required room acoustical quality and the spatial layout. ISO 3382-3:2012 proves to be a useful 
guideline in this context, but not one without limitations. Excluding human activity from the 
measurements benefits their accuracy, but as a consequence the results are not entirely representative 
to qualify the room acoustical quality of an open plan office in use, which is the very reason to 
determine the quantities described in ISO 3382-3 in the first place. 

Activity Based Working, which has become a standard way to design open offices, incorporates a 
variety of possible activities. As demonstrated by Vellenga-Persoon et. al., sound levels also differ 
significantly between office types (10). Every organisation and type of work has its own requirements 
with regard to silence, liveliness and privacy. To adequately design an open office with acoustical 
properties that fit the organisation that uses it, additional information is required that can qualify the 
way in which that organisation would use its office.  

                                                        
1 tombouwhuis@mp.nl 
2 theodoorhongens@mp.nl 
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2. Assessing room acoustical quality in open offices 

2.1 ISO 3382-3 

To quantify the room acoustical quality of an office room or area, ISO 3382-3:2012 describes a 
number of measurements with which a set of single number quantities can be determined. These 
quantities, intended for describing the degree of sound propagation and predicted level of distraction, 
are most importantly: 

 spatial decay rate of speech SPL (D2,S); 
 SPL of speech at 4 meters, (Lp,A,S,4m); 
 background noise level, (Lp,A,B); 
 speech transmission index, (STI); 
 distraction distance (rD); 
 privacy distance (rP). 

 
A large D2,S means that the sound level will drop quickly when moving away from the source. 

Lp,A,S,4m is derived from D2,S assuming a normalised speech SPL. Both quantities can be used to 
determine the expected loudness of a sound source (normally a speaking person) at a certain distance. 
Looking at speech transmission in a more detailed way, the Speech Transmission Index (STI) in 
comparison does not predict how loud a voice will be at a certain distance, but how much of it is being 
transmitted in an intelligible way. This can be used to determine how many words, sentences or sounds 
of a speaking person can be understood at the receiving end. The distance from a speaker at which 
STI = 0.50 is described as rD. At this distance, roughly 90 % of sentences can be understood (4). Only 
when STI decreased to 0.2, almost no sentences can be understood anymore. This is considered rP. 

Since the intelligibility of irrelevant speech is one of the main sources of distraction and 
productivity loss, STI is an important quantity to predict the room acoustical quality. ISO 3382-3 
considers any STI above 0.50 to impose a risk of distraction. This value corresponds with values 
reported by Hongisto (4), who predicts a performance loss up to 7 % in situations with an equal or 
greater STI. For difficult tasks, the performance loss may even increase up to 11.5 % (6). Using the 
STI, also the privacy distance and distraction distance can be calculated. 

The abovementioned quantities, as well as reverberation time, are commonly used to predict the 
room acoustical quality of a space, although they are not necessarily representative for an office in 
use. In fact, the standard specifically prescribes that the measurements have to be carried out when 
people are absent. Acoustic conditions with people talking are explicitly not part of its scope. All of 
the abovementioned quantities do however, to a certain extent, depend on the way in which the room 
is being used. Most office employee working in an open office will only use their work environment 
while other people are present. This is especially true for offices that have been designed to 
accommodate Activity Based Working (ABW). ABW involves a variety of activities located on one 
office floor, sometimes within the same space, each creating and demanding its own acoustical 
environment. A critical part of information about the use of the office is therefore missing in the 
assessment, when relying solely on ISO 3382-3. 

The background noise level for example, is defined as the SPL when no people are present, caused 
by e.g. road traffic noise, sound masking and building services. As mentioned earlier, the noise level 
influences the perceived comfort. It is uncertain whether constant noise remains a source of discomfort 
over time, as several researchers report signs of habituation (7,11), while others claim that these 
effects cannot be found except in laboratory studies (5,9). Fluctuating sounds are considered to cause 
distraction and therefore discomfort, as they require a short period of reorientation (3). The sound 
level in an office space and especially its variation is normally caused by people, meaning that the 
most important aspects of background noise can only be measured when the office is being used. 

Measurement of the STI requires input about the real use as well, as it is based on, among other 
quantities, a predefined speech SPL and the background noise level. Whether or not the predefined 
speech SPL is applicable to an office, cannot be determined without carrying out measurements while 
the office is being used. Also the background noise of traffic and ventilation systems may be irrelevant 
compared to the background noise produced by (distant) speech. Consequently, STI will also not be 
as reciprocal as measurements in an empty office may suggest. It is not hard to imagine that speech 
from someone engaged in a lively phone call will be better intelligible to someone doing quiet, 
focussed work than the other way around. Accurate predictions of the STI while the office is being 
used, can therefore not be made without collecting additional data that is specific to the office in 
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question. By extension, this applies to the distraction distance and privacy distance as well.  
Also when using the speech to noise ratio (SNR) to predict distraction, both the actual speech SPL 

and the actual noise level need to be known, in order to make an informed prediction about the present 
quality. This issue is recognised by Harvie-Clark and Larrieu (12), who propose the use of a matrix 
that describes a SNR specific to the type of sending and receiving function. Depending on a higher or 
lower expectation of noise production and sensitivity to noise, a higher or lower SNR is proposed. 

 

2.2 Liveliness 

To qualify the sound environment and summarise the average activity level and its fluctuation, 
Vellenga et al. (13) coined the term Liveliness. It is based on a linear numerical scale called the MACH 
Index (MI), ranging from 1 (very quiet) to 10 (very turbulent). Intended as an instrument to make a 
sound environment understandable also to laymen who might find decibels vague and hard to 
understand, Liveliness categorises a sound environment as one of four possible options: Quiet (MI = 
1.0-2.0), Tranquil (MI = 2,5-5.0), Lively (MI = 5.5-8.0) and Turbulent (MI = 8.5-10.0).  

Liveliness and MI are based on the equivalent sound level during five minutes LA,eq,5min as well as 
the degree of sound fluctuation. The latter has been defined as the difference between the 
aforementioned equivalent SPL, and its fifth percentile during the same period LA5,5min. Using the 
assessment matrix described in (13), both quantities are added up, leading to a MACH Index, which 
corresponds to a certain degree of Liveliness as described above. Through several questionnaires, this 
score has been verified to correspond with the average subjective perception of a sound environment. 

Liveliness varies over time and between working stations. For a useful qualification of a sound 
environment, which is not affected by temporary exceptions (e.g. holidays, or more employees doing 
home office on a certain day), Liveliness will have to be monitored during longer period of time, 
which has to be at least several weeks. Growing opportunities that originate from rapid advances with 
regard to the Internet of Things make it possible to monitor sound levels on a large scale at relatively 
low cost, using a network of sensors that are installed at a representative amount of work stations.  

The Liveliness score can then be used as a means of communication with other people involved in 
the design process, indicating to which extent the Liveliness of the area or room corresponds with the 
intended use. An architect that sees that a certain area qualifies as ‘Lively’ over 70 % of the time, 
while it is supposed to accommodate silent and focused work, will immediately understand that 
measures need to be taken to make the office space fit its purpose. Reporting a histogram of measured 
sound levels is far less likely to have the same result. These sound levels will still remain available to 
the acoustical consultant of course, to be used as detailed input in the consulting process, e.g. in 
combination with D2,S or STI. 

 

2.3 Non-physical measures 

Not every measure has an effect that can be quantified using measurements as described in 
ISO 3382-3. When for example a call centre is being equipped with better headsets, this has no effect 
on the spatial decay rate, or reverberation time. The reduction of the sound level in that space, as well 
as the need for this reduction, can only be quantified by measuring the actual human activity in that 
room. 

Furthermore, psychological processes or behavioural guidelines may influence a sound 
environment in ways that are not reflected by the degree physical changes. Where the Lombard effect 
explains how the SPL rises exponentially when people start to speak louder in a loud room, the reverse 
is also true. Adding sound absorption to a room results in a decreased SPL, due to which people lower 
their voice and an even greater reduction is achieved. Measurements of reverberation time alone 
cannot explain this, but measurements of the degree of Liveliness will clearly show the change. Finally, 
changes in behaviour (such as walking to a designated area when receiving a phone call) will show a 
difference in Liveliness, without displaying any change of room acoustical qualities measured 
according to ISO 3382-3.  

Examples like these illustrate why Liveliness as a result of human activity cannot be ignored when 
designing and improving open office environments. 
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3. In situ monitoring of Liveliness and SPL 

3.1 Method 

Since the development of MI and the corresponding Liveliness, M+P have implemented as a 
consulting tool in several office buildings. The data gathered during these measurements and the 
subsequent insights, are summarised in this chapter. Figure 1 shows a selection of the physical 
environment at several of the measurement locations. 

  

  

Figure 1 – impression of a number of office environments mentioned in this paper, clockwise from left top: 

bank, government, telecom, wholesale 

 
This paper describes data from a total of 18 sensors, distributed over six different office buildings, 

where they gathered data for a period that varied between several weeks and more than a year. All 
measurements were carried out in the Netherlands, on office floors that were designed with ABW in 
mind. Usually a mixture of activities took place within the same space. Some of the measurement 
locations were in call centres, however most were situated on an open office floor. This paper 
emphasizes on the data obtained on regular open office floors (14 sensors, four buildings). For equal 
comparison, only the data measured on weekdays between 09.00 – 17.00 hours has been considered. 

 

3.2 Measurement data 

The measurement data and the corresponding conclusions serve as illustration to the examples of 
how to use Liveliness as a design tool, which is described in the following chapter. 

 

3.2.1 Average Liveliness and MACH Index 
The average MACH Index on all open office floors that were part of this research, has been 

summarised in figure 2. The first bar of the box plot shows significantly lower Liveliness values than 
the other examples, which is due to unexpected lower occupancy of this office space. Although 
because of that, this cannot be qualified as a typical office space, it has been included to illustrate that 
also the absence of human activity can be input for design. 
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Figure 2 – Distribution of MACH Index for all measured open office environments (excluding call centres), 

displayed per sensor (x = mean value, • = outlier) 

 
Other bars display a difference between the 1st and 3rd quartile of the MACH Index of 2-3 points. 

All sensors display a maximum between MI = 9 and MI = 10 (‘Turbulent’), and a minimum between 
MI = 1 and MI = 2 (‘Quiet’). The 1st and 3rd quartile values are all within the range of MI = 4 
(‘Tranquil’) and MI = 7 (‘Lively’). The median shows fairly wide range, varying from 4.5 to 7. When 
ignoring ‘telecom-1’, the average MACH Index on these floors was MI = 6 with a standard deviation 
of 0.6. Table 1 shows the average MI and the corresponding standard deviation. In general, the data 
shows that an open office environment in the Netherlands requires at least brief monitoring of the 
sound environment to fit the desired purpose, due to the fairly large difference in MACH Indices 
between office floors. Should for a certain reason in situ measurement not be possible, a MACH Index 
of 6 (which only just corresponds to ‘Lively’) can be used as a starting point, since based on these 
measurement data MI = 6.0 seems to fit the average office environment. 

 

Table 1 – Average MACH Index and standard deviation per sensor located in an open office environment 

sensor average MI SD sensor average MI SD 

telecom-1 2,7 2,39 government-6 6,6 1,74 

telecom-3 6,6 1,66 wholesale-1 4,6 1,78 

government-1 6,4 2,37 wholesale-2 5,7 1,75 

government-2 6,0 1,44 bank-1 6,8 2,07 

government-3 6,0 1,31 bank-2 5,2 1,57 

government-4 5,8 1,44 bank-3 5,9 1,75 

government-5 6,7 1,68 bank-5 5,6 1,58 

 
The Dutch guideline NPR 3438:2007 EN describes a target and maximum equivalent SPL threshold 

for several types of work, among which ‘using a computer in an office environment’. An equivalent 
SPL that does not exceed 45 dB(A) is considered ideal for an office floor, while a SPL higher than 
55 dB(A) should disqualify it to be used as such. Figure 3 shows how often the sound environment at 
each sensor location qualifies as a certain Liveliness category, and how often the abovementioned 
thresholds are being exceeded. The added value of including these thresholds can be seen when 
comparing e.g. B3 and B5, which have an almost equal distribution of Liveliness categories, as well 
as a very similar average SPL, but at B3 the target value is exceeded 39 % of the time, compared to 
89 % for B5. Based on this, B3 should be suitable for focused work substantially more often than B5.  

The maximum threshold is rarely exceeded at any of the measurement locations. 
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Figure 3 – Percentage of time [%] during which the sound environment at each measurement location 

qualifies as a certain Liveliness category, as well as the percentage of time during which the SPL was 

higher than 45 dB(A) and 55 dB(A), respectively. 

 

Figure 4 – Average percentage of time [%] during which the sound environment at each measurement 

location (including call centres, excluding telecom-1) qualifies as a certain Liveliness category 

 
As shown in Figure 4, call centres generally impose a risk of turbulent sound environments, but 

there is a big difference between the measured locations, implying that a different design or use can 
have a considerable influence on the amount of turbulence. 

 

4. Using Liveliness as a design tool 

To inspire and illustrate the potential of including Liveliness measurements into the design process 
for new or renovated open offices, we share real examples from our consulting praxis in which 
Liveliness proved to be useful.  

4.1 Sound environment within a work cluster 

When redesigning a call centre with a retail function, that was located in a room of 7 by 7 meters, 
the measurements in the original situation revealed an almost continuously turbulent work 
environment (70-80 % of the time). Considering the intention to almost double the number of 
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employees from 6 to 11, it was evident that as many measures as possible had to be taken to even 
slightly improve the situation. A better absorbing ceiling was introduced, as well as highly absorbing 
wall panels and desk screens. Since the reverberation time decreased from 0.4 seconds to 0.3 seconds, 
one would expect an increase of the average SPL of 1-2 dB(A), taking into account that the number 
of employees doubled. The measurement in the new situation showed a decrease of 1-2 dB(A) instead, 
proving the effectiveness of a new behavioural code. After the renovation the percentage of time that 
the sound environment qualified as ‘Turbulent’, increased to approximately 90 %. This can be 
explained by the higher fluctuation of the sound level after increasing the number of employees. 
  

4.2 Communication of measures based on the current sound environment 

Before the redesign of a large investment bank, measurements were carried out at multiple office 
spaces, one of which accommodated the service desk. In the original design, most office areas were 
separated from each other by enclosed meeting rooms. To improve connectivity between different 
areas, these rooms were removed in the new design, and also the planned separating wall placed 
around the future service desk was initially not approved by the client. The measurement results at 
the present service desk, showing a turbulent sound environment over 57 % of the time, and virtually 
no ‘quiet’ or ‘tranquil’, helped the architect to convince the client however that this wall should not 
be excluded. The easy-to-understand semantics of the Liveliness method helped parties that are not 
acoustical professionals to communicate about sound in a meaningful manner, leading to a crucial 
change in the client’s attitude. The fact that the MACH Index is limited to a maximum of 10, while 
sound levels can theoretically increase indefinitely, helps to put the measured data in perspective. 

 

4.3 Qualifying the effect of a renovation 

While measurements prior to a renovation or redesign can provide useful input to quantify the 
specific needs of the organization in question, this also represents an ideal situation where the 
consultant is invited to the design process while the process of refurbishing has not yet taken place.  
Also after introducing measures, measurements can be a helpful support to the design process, 
verifying whether the intended quality has been reached. Monitoring in a large 24/7 Public Safety 
Answering Point (PSAP) proved that employees had reason to not be satisfied with the sound 
environment. Monitoring on four locations proved that the two central work clusters were far louder 
than the ones towards both ends of the room, causing disturbance to the employees working in the 
quieter areas. Liveliness was an easy instrument to show the main sources of noise in the PSAP. 

 

Figure 5 – Heat map of the average Liveliness for four sensors per five minutes of the day, averaged over 

all measured days during one month, showing the variation in Liveliness throughout the day. 

2396



 

 

Furthermore, problems within the work clusters were addressed. Fast communication is crucial in 
a PSAP and this concept was highly valued in the design, but the consequential idea of each cluster 
having to contain a mixture of police, fire brigade and ambulance employees proved to be 
counterproductive, as certain professions required more frequent and more intense phone 
conversations than others.  

Finally, the liveliness measurements were able to address behaviour that caused a turbulent sound 
environment. Figure 5 displays the average distribution for all sensors, averaged over every measured 
day, showing the Liveliness distribution per five minutes of the day. Three peaks in the turbulent 
sound environment are evident, at 6:30, 14:30 and 22:30. These times were quickly matched to the 
moments at which shift changes take place, and helped encouraging more quiet shift changes to respect 
those that are still or already working. 

 

5. CONCLUSIONS 

ISO 3382-3 offers a set of quantities which are a good starting point for the assessment of room 
acoustical quality of open plan offices. It still lacks input about the actual use however, which is 
needed to properly calculate most of the respective quantities and put them in the right perspective. 
Since every user has its characteristic requirements for the sound environment, which also varies over 
time and between locations, monitoring the SPL at a number of representative locations for multiple 
weeks is necessary to determine how lively a certain office area is. Since the design process involves 
many parties, several of which may not be familiar with the acoustical jargon, a means to avoid the 
use of decibels will increase the communicative strength of the acoustical engineer’s message. The 
Liveliness method is proposed as such a tool. The combined use of room acoustical quantities from 
ISO 3382-3, SPL monitoring data and the Liveliness index will lead to acoustical design that is easier 
to explain and fits better with the intended purpose of the open plan office in question. 
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Abstract
It is regularly debated which metric to use for the assessment of speech privacy in open-office as well as closed-
office environments. Metrics commonly used for this purpose include the Privacy Index (PI), which is derived
from the Articulation Index (AI) determined according to ASTM E1130 as well as the Speech Privacy Class
(SPC) determined according to ASTM E2638. Regardless of the method of determining these values, it has
recently been shown that both metrics are mathematically related. In light of this information, it seems that the
discussion might be better directed at different questions, for example what the recommended values should be
for different environments (open-plan, closed or mixed). This paper will highlight the similarity between speech
privacy metrics as well as the commonly recommended values for open-plan and closed offices and how they
relate to each other. The analysis and discussion is based on data from extensive field measurements as well as
measurements under laboratory conditions. The data of the field measurements is also compared to subjective
responses to assess the perceived privacy.
Keywords: Speech privacy, Open-plan offices, Closed offices

1 INTRODUCTION
A major reason for complaints of workers in open-plan offices (and to some degree in closed offices) is the
disturbance by speech from their co-workers causing distraction [1]. It is hence crucial for acoustic practitioners
to be able to accurately predict and assess the perceived speech privacy in offices. Several metrics have been
developed to asses speech privacy, all of which reflect the fact that speech intelligibility, which is an important
factor influencing the amount of distraction caused by speech, is mostly determined by the ratio between the
speech energy reaching the listener and the energy of the background noise at the listener position [2, 3].
This paper uses an extensive set of field and laboratory measurement data (Section 2) to examine three speech
privacy metrics (Section 3) and to show that because of the similarity of the approaches, there is a clear
relationship between all metrics (Section 4). This fact is used in analyzing the recommended values for the
different metrics and in pointing out discrepancies between them (Section 5). In order to relate the findings to
the actual perceived speech privacy, subjective data in the form of responses to questionnaires by the workers
in open-plan offices are compared to the objective data (Section 6).

2 OBJECTIVE AND SUBJECTIVE DATA USED IN THIS STUDY
The data used in this paper to highlight the relationship between speech privacy metrics is from a large-scale
study conducted by the National Research Council (NRC) of Canada from 2008 to 2013 in 24 buildings in
North America [4, 5]. The study, called the “Post-occupancy evaluation of green and conventional buildings”
and subsequently referred to in short as the GreenPOE study, involved objective measurements of indoor envi-
ronment parameters, including acoustic measurements related to speech privacy, as well as an online question-
naire of the people working in the buildings where measurements were made. The questionnaire covered general
questions about job satisfaction and stress as well as more specific questions related to the satisfaction with the
indoor environment in the offices. For this paper, only the questionnaire items relating to speech privacy have
been evaluated.
The objective data from the GreenPOE study yields almost 1300 datasets for open-plan offices with rather low
speech privacy. To also include data representative of offices with higher speech privacy, such as closed offices,
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an additional 500 datasets from laboratory measurements at the NRC are used in this paper. The laboratory
data was gathered from measurements made on different wall types together with artificially created background
noise of varying sound pressure level (SPL).

3 SPEECH PRIVACY METRICS
In this section, the most common metrics used for assessing speech intelligibility and speech privacy in buildings
are summarized. The metrics include the Privacy Index (PI), the Speech Intelligibility Index (SII) as well as the
Speech Privacy Class (SPC).

3.1 Privacy Index (PI)
The Privacy Index (PI) is a measure of the speech privacy as it relates to a lack of intelligible speech, i. e. dis-
traction, reaching the listener’s ears. As such, the PI is defined as the complementary value of the Articulation
Index (AI) [6, 7] as

PI = 100 · (1−AI) , (1)
the AI itself being a measure of speech intelligibility with values between 0 and 1, so that the PI ranges
between 0 and 100.
The factors involved in determining AI are the speech source reference SPL LS, the level difference LD mea-
sured for a certain position of the sound source and the receiver, as well as the background noise SPL LN .
These values are used to determine the effective Signal-to-Noise Ratio (SNR) at the listener position. Following
ASTM E1130, the speech source reference SPL for “normal” vocal effort has to be used, leaving LD and LN
as free variables. The variables of LS, LD and LN are all considered for the third-octave bands with center
frequencies between 200Hz and 5kHz. As a single number rating, the AI (and thus PI) is then calculated as a
weighted sum across frequency, with the frequency-weights specified in ASTM E1130.
Recommended values of the PI for normal speech privacy in open-plan offices are listed in Appendix X2 of
ASTM E1130 as 80 to 95. Values of PI above 95 are mentioned in the same Appendix as representing confi-
dential speech privacy.

3.2 Speech Intelligibility Index (SII)
The Speech Intelligibility Index (SII) is a measure of speech intelligibility like the AI, and it has replaced the
AI method in ANSI S3.5 [8]. While the basic input data and the frequency-weights for the SII are essentially
the same as for the AI, the method for the SII additionally includes the psychoacoustic effect of frequency
masking to determine the effective SNR at the listener’s ears.
The SII has originally not been defined in terms of speech privacy, but in analogy to the PI the complementary
value to the SII can be used. Recommended values for the SII in open-plan offices have been suggested for
normal and confidential speech privacy as 0.2 and 0.1, respectively [9].

3.3 Speech Privacy Class (SPC)
As was mentioned above, the reasoning for using the PI as a measure of speech privacy is that it represents a
lack of speech intelligibility, given that it is the complementary value to the AI. However, in situations with a
low degree of speech intelligibility perceived speech privacy may not be as high as desired, as audible speech
may still reach the listener [10].
To address this problem, the Speech Privacy Class (SPC) was developed for use especially in situations with
low speech intelligibility, such as closed offices and meeting rooms. The SPC and the associated measurement
method are defined in the standard ASTM E2638 [11]. The input data to determine the SPC is the measured
level difference between the average SPL inside the closed room and the SPL at individual receiver positions
outside of the room, as well as the background noise SPL at the receiver positions. The criterion values for the
SPC are then chosen depending on the desired level of speech privacy [12].
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In Appendix X2 of ASTM E2638, recommended values for the SPC are listed for different levels of speech
privacy in closed rooms. For minimal and standard speech privacy the recommended values are 70 and 75,
respectively.

4 RELATIONSHIP BETWEEN SPEECH PRIVACY METRICS
Since all of the commonly used speech privacy metrics are based on the effective SNR at the listener position,
it is to be expected that there is a relationship between the metrics. Due to the fact that either a different
frequency range is used or the frequency-weights differ between metrics, any relationship found will be an
approximation. Nevertheless, it is shown below that relatively simple functions relating PI to SPC and SII can
be found and that the agreement with experimental data is very good over the relevant range of values.

4.1 PI and SPC
The relationship between the PI and SPC has recently been demonstrated and validated with the data mentioned
in Section 2 [13]. The following function to calculate the PI from the SPC was determined to give good
accuracy over the entire range of SPC values (R2 = 0.992):

PI ≈ 100 ·
[

0.5+0.5 · erf
(

6.65
100

·SPC−2.8
)]

, (2)

where erf is the error function. Fig. 1 shows the relationship between PI and SPC according to Eq. 2 together
with the experimental data in open-plan and closed offices mentioned in Section 2. It can be seen that the
agreement of Eq. 2 with experimental data is very good. The effect of limiting the SNR for the calculation of
PI also becomes apparent for values of PI below 20 and above 80.
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Figure 1. Relationship between SPC and PI for experimental data and according to Eq. 2

The inverse relationship of Eq. 2 was found in [13] as follows:

SPC ≈ 100
6.65

· erf−1
(

PI
50

−1
)
+42.2 , (3)
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where erf−1 is the inverse error function. It has to be mentioned that the inverse relationship in Eq. 3 is not
reliable for PI values below 5 or above 95, as the inverse error function tends towards negative and positive
infinity, respectively, beyond these values. This represents the effect of limiting the SNR range in the calculation
of the PI, which effectively leads to a loss of information.

4.2 PI and SII
From the raw data mentioned in Section 2, the SII was calculated in addition to the PI and SPC. This allows to
compare the values of PI and SII and establish the relationship between these two metrics. It was found that a
simple second order polynomial function describes SII as a function of AI very well (R2 = 0.998), which gives
the following function:

SII ≈ 0.28 ·AI2 +0.69 ·AI . (4)

By replacing AI in Eq. 4 according to Eq. 1 as AI = 1− PI/100, an expression of SII as a function of PI is
obtained:

SII ≈ 0.28 ·
(

PI
100

)2

−1.25 · PI
100

+0.97 . (5)

The relationship between PI and the complementary values of SII (i. e. 1− SII) is shown in Fig. 2 for the
experimental data and according to Eq. 5. The good agreement of the calculated values with experimental data
can be verified in the graph. While the agreement is slightly worse as PI tends toward zero, the agreement
for higher values of PI, which are most relevant for the assessment of speech privacy, is very good. Overall,
for 99% of the data there is a deviation of less than 0.03 between the measured values of SII and the values
calculated from PI according to Eq. 5.
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Figure 2. Relationship between PI and SII for experimental data and according to Eq. 5

The relationship between PI and SII can be inverted (as was done for Eq. 2 and Eq. 3), to give the following
expression to calculate PI from SII:

PI ≈ 100 ·

(
2.23−

√
SII

0.28
+1.52

)
. (6)
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5 DISCREPANCIES BETWEEN RECOMMENDED VALUES OF SPEECH PRIVACY
METRICS

Given the relationship between the speech privacy metrics detailed above, it should be ensured that the recom-
mended values for all metrics are in alignment, so that no conflicting results are obtained depending on which
metric was chosen to evaluate speech privacy.
In the following, three tables are provided which list the recommended values for each speech privacy metric
and the converted values for the other two metrics according to the relationships presented above. Table 1 lists
the recommended values for PI, Table 2 lists the recommended values for SII and Table 3 lists the recommended
values for SPC. In each of the tables, the original recommended values are underlined.

Table 1. Recommended values for PI in open-plan offices (underlined) according to ASTM E1130, and corre-
sponding values for SPC and SII, converted according to Eq. 3 and Eq. 5, respectively.

Level of Speech Privacy PI SPC SII
Normal 80–95 51–60 0.15
Confidential 95–100 > 60 0.035

Table 2. Recommended values for SII in open-plan offices (underlined), and corresponding values for PI and
SPC, converted according to Eq. 6 and Eq. 2, respectively.

Level of Speech Privacy SII PI SPC
Normal 0.2 74 49
Confidential 0.1 86 54

Table 3. Recommended values for SPC in closed offices (underlined) according to ASTM E2638, and corre-
sponding values for PI and SII, converted according to Eq. 2 and Eq. 5, respectively.

Level of Speech Privacy SPC PI SII
Minimal 70 100 0
Standard 75 100 0

An important conclusion that can be drawn from the data in Tables 1 and 2 for open-plan offices is that the
recommended values of SII do not agree well with the recommended values for PI. Converting the values for
PI from ASTM E1130 to SII using Eq. 5 yields substantially lower values than the recommended values for
SII. This shows that depending on the metric used to assess speech privacy in an open-plan office, different
results may be achieved.
For closed office spaces, the data in Table 3 shows that no meaningful distinction between minimal and standard
speech privacy (or higher levels of speech privacy) can be assessed by PI and SII, as the values for PI are all
equal to 100 and the values for SII are all equal to zero, whereas SPC values are increasing according to
the level of privacy. This indicates that the speech intelligibility may be zero but speech sounds may still be
audible.
It can thus be concluded that there is a need to harmonize the recommended values of speech privacy metrics,
and that the SPC is the only metric which can be used in scenarios of high speech privacy, whereas all metrics
(PI, SII and SPC) can be used for lower speech privacy.
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6 SUBJECTIVE SPEECH PRIVACY
Given that the existing metrics and the associated recommendations may not lead to consistent results, it is
important to also consider the subjective speech privacy perceived by the people working in offices. As was
mentioned in Section 2, the GreenPOE study, which yielded the objective measurement data used above, also
included a questionnaire to obtain subjective responses from the people working in the offices where the data
was measured. In the questionnaire, workers were asked to rate the agreement with general statements about
their work satisfaction, and to respond to more detailed questions related to different aspects of the indoor
environment, such as lighting, air quality, and acoustics.
For the data presented in this paper, the subjective ratings to the questions related to the office acoustics were
evaluated and compared to the results for the objective metrics. In all questions, a 7-point rating scale was
used, with categories either corresponding to a degree of satisfaction or to the agreement with a statement or
question, from “Not at all” (1) to “Very” (7). Since it was not always possible to link the survey data to the
objective measurements at individual workstations, average results for each building will be used both for the
objective as well as the subjective data.
In general, significant correlation (p< 0.01) between the subjective ratings and the objective results for the three
speech privacy metrics (PI, SII and SPC) was found. The degree of correlation was very similar between all
metrics, so here only the example for the PI will be shown. In Fig. 3 the average subjective ratings for the
question “At your workstation, how understandable are overheard conversations and phone calls from others in
your building?” are shown for all 24 buildings as a function of the average PI in each building. The 95 %
confidence interval for each average subjective rating is indicated by the error bars. The correlation between PI
and the responses for this question (R2 = 0.65) was highly significant (p < 0.0001). The linear regression line
is also plotted in Fig. 3.
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Figure 3. Relationship between average PI and average subjective response per building to the question “At your
workstation, how understandable are overheard conversations and phone calls from others in your building?”.
The 95 % confidence interval for each average subjective rating is indicated by the error bars.
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Given that the recommended values for the speech privacy metrics mentioned in Section 5 were reached at
almost none of the measured workspaces (see data in Figs. 1 and 2), it was to be expected that the perceived
speech privacy would be unsatisfactory. This is supported by the subjective responses in Fig. 3, where none of
the data points correspond to a positive perception of the speech privacy, which in this case would be repre-
sented by low scores (conversations not understandable). However, the significant correlation between objective
and subjective data shows that the perceived speech privacy can be assessed with the objective metrics, where
higher values of the objective metrics correspond to a higher subjective rating of speech privacy.

7 CONCLUSIONS
The three common metrics to assess speech privacy in offices — PI, SII and SPC — have been examined
in this paper and a relationship between all three metrics has been established based on an extensive set of
measurement data from the field and the laboratory. In addition, the relationship between objective results and
the perceived level of speech privacy by office workers has been demonstrated using responses from surveys
performed in the same buildings where the objective measurements were carried out.
It was shown that a clear relationship between PI, SII and SPC exists and that values of one metric can thus be
converted into values of the other metrics with a high degree of confidence. Using the established relationship,
it was pointed out that the values typically recommended to achieve a certain level of speech privacy are not
consistent between the three metrics. This is problematic since it is then possible that the actual perceived
speech privacy in an office will depend on which metric was used to predict and assess the speech privacy
during the design phase. The conclusion is that the decision which metric to use for the assessment of speech
privacy in open-plan offices is typically not relevant. It is far more important to ensure that the recommendations
for target values of the metrics are consistent and yield the desired level of perceived speech privacy.
It was also shown that only the SPC is useful in assessing high levels of speech privacy, because the other
metrics impose an artificial limit on the receiver SNR which leads to a loss of information. This means that the
PI and SII are not valid metrics for closed offices and meeting rooms, where speech privacy is typically higher.
The evaluation of the subjective responses regarding speech privacy has shown that there is a significant corre-
lation between the objective and the subjective data, which confirms that the speech privacy metrics are useful
for assessing the perceived performance. In agreement with the objective data, the subjective responses have
shown that office workers in open-plan offices are not satisfied with the level of speech privacy. However, given
that worker satisfaction does improve with an increase of the objective values, it should be possible to design
open-office workplaces that perform better in terms of speech privacy. One of the first steps toward that goal
will be to harmonize and verify the recommended values for the speech privacy metrics so that designers have
a reliable framework to work with.
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Abstract
The acoustic condition in open-plan offices can significantly affect the work performance and job satisfaction.
The main problem in this case is mostly the noise caused by co-workers and intensified by suboptimal room
acoustics. To fully assess this complex acoustic scene and to relate it to subjective perception, it is important
to use aurally-accurate measurement methods as well as to consider psychoacoustic parameters, which contain
information on the temporal and spectral structure of the noise and sound environment. Furthermore, mea-
surements are conducted in the daily working condition in the presence of the workers (in situ) which differs
significantly to the noise generated by the building measured in the absence of the working people. This works
provides an overview on the acoustic settings in German open-plan offices using objective measures, such as
room acoustic parameters and psychoacoustic parameters, considering aurally-accurate assessment measured in
situ and in silence. Additionally, these results are linked to the subjective perception assessed using question-
naires in parallel.

Keywords: Open-plan offices, Acoustic scenes
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ABSTRACT 
Since the room acoustic parameters in ISO 3382-3 were published, there have been various 

international attempts to classify offices achieving different values. However, recent summaries of 
acoustic satisfaction demonstrate little correlation with the room acoustic parameters that may drive 
the design. While the parameters of ISO 3382-3 are essential to understand how the room responds to 
sound, they are of limited use in helping designers to understand how people respond to their office 
environment. 

A new approach – proposed for inclusion within ISO/WD 22955 - assesses acoustic conditions 
within activity-based working (ABW) offices, or between different use types generally. The Liveliness 
term can be used to characterise suitable acoustic environments for different types of activities; 
background sound levels can also be attributed, by measurement or design. A matrix of signal -to-noise 
ratios can be derived for a particular office, to account for source level vibrancy and receiver 
sensitivity. This enables a design framework for the in-situ attenuation of speech between workstations, 
Dn, A, s. From the in-situ attenuation requirement, the ABW layout design can be developed accordingly. 
This method can identify potential for conflicts between different types of use or activity where there 
is insufficient attenuation between them, to inform the workspace designer where enhanced in -situ 
attenuation can improve the acoustic conditions for occupants.  
 
Keywords: Acoustics, Open plan office, ABW, activity-based working office, flex office 

1. INTRODUCTION 
The acoustic requirements for people within a workspace are strongly dependent on the workspace 

culture, and cannot be realistically determined without understanding how people operate within the 
workspace. A model originally proposed by Hongisto (1) has been followed with many studies 
identifying the extent of distraction by intelligible speech – the irrelevant speech effect (ISE).  
Laboratory experiments by many researchers including Chevret (2), Kostallari (3), Ellermeier (4), and 
Schlittmeier (5) demonstrate the decrease in performance that can be objectively measured when 
people perform tasks when subject to noise containing intelligible speech.  The concept of a distance 
at which the intelligibility of speech at normal levels crosses a threshold for in telligibility (typically 
STI = 0.5) has informed acoustic parameters for office design. ISO 3382-3 describes the room acoustic 
parameters that can be measured in an open plan office; these metrics are increasingly being used to 
describe Classes of performance for the office. 

Haapakangas (6) et al conclude that distraction distance predicts perceived disturbance by noise in 
open-plan offices.  The data shown in Figure 1 from reference (6) with a solid circle are conventional 
offices, while triangle symbols denote activity-based working offices. The data presented by would 
suggest that there are many other factors that may be more significant in determining noise annoyance 
or acoustic satisfaction than distraction distance alone. The conclusion on distraction distance was 
                                                        
1 jhc@apexacoustics.co.uk 
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made by looking at 21 workspaces with a mix of different study types as changing from private office 
to open plan office, relocation from open plan office to another open plan office, evaluation due to 
complaints and more. Interview studies from three major Norwegian companies (7), employees 
randomly selected from different business areas and different job descriptions  (n=200), showed that 
76 % preferred the office type (cell office, open plan office or flex office) they already had.  

Haapakangas denotes activity-based offices differently, and the data indicates that noise annoyance 
in these offices is generally much lower than the average. Haapakangas also demonstrates that there 
is also little or no correlation with noise annoyance with other parameters such as speech level at 4 m, 
Lp,A,S,4m, spatial decay of speech, D2,S, and background sound level, Lp,B. 

Achieving lower (better) values for distraction distance has significant design implicatio ns for the 
height of screens between desks, the sound absorption, and the background sound level, as  illustrated 
by Larrieu (8) et al. The design implications noted by Larrieu often do not match either the design 
aspirations of clients or workplace designers.  Does this mean that “good acoustic design” according 
to the emerging national guidelines for the parameters in ISO 3382-3 is simply inevitably in conflict 
with the current workplace design aesthetics?  

The parameters from ISO 3382-3 can be useful to demonstrate how acoustic conditions may be 
improved by increasing sound attenuation between desks in traditional open plan offices; however, 
these parameters are determined in an unoccupied office. These parameters cannot tell us anything 
about the occupants’ activities, the type of work, individual control over place of work, office culture, 
occupation density, or other factors that may be significant when considering acoustic satisfaction.  
Acoustic design can begin with the occupants’ acoustic needs, rather than the room response to sound. 
This represents a paradigm shift. We start by exploring the typical practice of workplace designers, 
and then look at the development of a new ISO Standard for acoustics in open plan offices.  The 
opportunities to align these activities offers benefits for designers and the future occupants of the 
workspaces that may be developed.  

2. THE WORKPLACE DESIGN PROCESS 
The strategy for the workplace may consider the approach to working, and may be developed by a 

professional who specialises in that type of work (e.g. an architect or architectural technologist), or 
may be inferred or explicitly developed by a workplace designer, facilities manager or client.  There 
may be a wide range of formality for the workplace strategy - it may be simply inferred from the brief 
for the workspace, or it may be systematically derived from an engagement process between the 
workplace strategist and client. 

Workplace designers will often consider those activities that may generate higher sound levels and 
locate them in such a way as to minimise the impact on other areas: designers implicitly consider 
acoustic requirements. A taxonomy of open plan offices is described by Neil Usher  (9), revealing the 
significant variation of possibilities for workspace concept and design. Perhaps, from an acoustic 
perspective, the most significant difference is the extent to which people are able to exercise choice 
over where they work at any particular time. Control over one’s environment is a strong modifier of 
annoyance. While the irrelevant speech effect (ISE) can objectively impair cognitive performance, it 
may be that annoyance is a more significant impact. Annoyance may not be simply proportional to the 
ISE, because of the modifying effect of the sense of personal control.  

3. OPPORTUNITY IN THE NEW ISO/WD 22955 
The new ISO/WD 22955 will have criteria for different types of space, where these predominate 

across the floor plate.  The new standard is inspired by the French Standard NF-S31-199 (10), and 
takes the same approach, starting with the acoustic requirements of the workers who are the users.  
There are three stages of description of the acoustic environment that workers need to undertake 
different types of work.  The open plan office is conceived in a traditional manner, comprising 
workstations at desks.  The acoustic targets and requirements are described for:  

 The acoustic conditions at the workstation - described with a target in-situ level for ambient 
sound from all sources, including activities within the office.  The range here is a target 
rather than a requirement of the Standard. 

 The acoustic relationship to the adjacent workstations - described as an in-situ attenuation 
of speech, Dn,A,S from one workstation to another. 
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 The acoustic characteristics of the floorplate, described in terms of the spatial decay of 
speech, D2,S, and the speech level at 4 metres, Lp,A,S,4m, as defined in ISO 3382-3.  

The different types of activity currently proposed, for acoustic classification purposes, are:  
 Breakout 
 Phone 
 Collaborative 
 Non-collaborative 

An additional section considers acoustic requirements between different activity types.  This has 
led to the development of a new method proposed below.  

4. A NEW APPROACH 
A new approach is proposed to assess acoustic conditions between different types of functional 

areas within an open plan office. This may be particularly suitable for assessing activity-based 
working (ABW) offices, or for the partial remodeling of existing floor plates to introduce more varied 
workplace settings within an otherwise traditional layout. For example, the introduction of 
collaborative areas, or seating for focused activity - either individual work or phone calls, adjacent to 
traditional desking, can all benefit from acoustic consideration. Previously there have been no 
practical tools available to the acoustician to assess these adjacencies.  

The new approach is summarised as: 
1. Use Liveliness to characterise the acoustic environment that would be suitable for the 

different activities - this may be measured if the environment already exists, or assessed. 
2. Consider the source voice level – i.e. “normal”, higher or lower depending on the context 

for the source. 
3. Determine appropriate background noise levels - this can be measured if the environment 

exists, otherwise it may be designed with a masking sound system, or assessed based on 
the size of the open plan office and the activities taking place.  

4. Adopt a suitable unwanted-speech signal-to-noise ratio (SNR) for the sensitive receptor 
from the source in question. The difference in Liveliness ratings for the two spaces gives 
the SNR requirement considered appropriate, but an alternative may be adopted. 

5. Determine the requirement for the in-situ attenuation of speech between workplace settings 
in terms of Dn, A, s., which informs the layout design. 

This new approach can be used to identify potential for acoustic conflicts between different types 
of use or activity - where the calculated Dn, A, s falls short of the value determined for good acoustic 
conditions. This method can assist the workplace designer to identify where enhanced in -situ 
attenuation can improve the acoustic conditions for workers, or where less acoustic protection may be 
adequate. However, the context should always be considered and the values adopted modified to suit 
the circumstances, rather than applying the method consistently in different offices. For example, the 
duration for which the particular source of noise may be present can be considered: an impact which 
may not be desirable if the source is continuous (e.g. a worker continually on the telephone) may be 
acceptable if it is only occasional (e.g. occasional phone calls).  

4.1 Use types to consider adjacencies 
Although ISO/WD 22955 contains general use types that may prevail over an area or floor plate, a 

few additional use types are necessary to consider adjacencies between specific functional uses. The 
proposed use types are shown in Table 1. These are intended to cover the main acoustic categories of 
use type, as examples to compare with project-specific requirements. Note that the category “breakout” 
can have a plethora of meanings as well as a wide variety of uses at different times.  

4.2 Liveliness 
The term “Liveliness” is used to characterise the in-use open plan office acoustic environment, as 

described by Vellenga (11). The semantic description is correlated with an objective measure, based 
on 5 minute sample periods.  The objective measure is a combination of the A-weighted sound level, 
LAeq,5min, and the fluctuation strength.  The fluctuation strength is measured as the difference between 
the statistical level of A-weighted sound exceeded for 5 % of the time, LA5, 5 min, and the LAeq,5min.  
Liveliness is measured by recording the sound in five minute samples at a workstation (i.e. a normal 
working position) that is unoccupied during the measurements.  Liveliness is likely to vary both 
spatially across an office, and also temporally at any one position, as both local and more distant 
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activities vary. The temporal variation at different places can exhibit different patterns.  In an ABW 
office the acoustic environment should vary for the different areas to be suitable for different activities. 
Liveliness is simple to measure, and understanding its meaning is straight forward, as the objective 
rating is correlated with semantic descriptions.  

4.3 Determining Liveliness ratings and background sound level 
When remodeling an existing office, it is prudent to measure the ambient sound around the 

locations that will remain with their current use.  The temporal distribution of Liveliness and 
background sound levels can be evaluated from the survey data.  When designing a new office 
environment, assumptions must be made to determine suitable values for Liveliness and background 
sound level. 

The principal source of background sound in larger open plan offices is usually the distant activity 
of people; in smaller open plan offices, background sound levels can be low. Paradoxical ly, low 
background sound levels can lead to complaints from occupants that “it is too noisy”; this may be 
interpreted as “speech is too distracting” in the acoustician’s lexicon. Thus as well as the type of 
activities being undertaken, the size of the office is a significant factor when assessing potential 
background sound levels. Background sound levels can vary spatially across an open plan office, 
particularly if there is significant screening between different areas or zones.  Depending on the type 
of office and type of work being undertaken, the example values shown in Table 1 may be suitable to 
adopt. 

 
Table 1 – Use types, example values of Liveliness and assumed background sound that may be suitable 

Use type 
Liveliness 

rating 

Background 

Lb, dB(A) 
Notes 

Breakout 8 - 

“Breakout” can refer to a wide range of different types 
of activity. In this example, Breakout is assumed to be 
an amenity space where people seek refreshment, 
restoration, and talk about non-work-related topics. 

Meetings 7 48 

Meetings are collaborative in nature, hence a relatively 
Lively rating is assumed. Meeting spaces for two people 
are likely to have a different impact from larger meeting 
spaces within an open plan area  

Phone  

(call centre) 
6 48 

The background sound level here is taken from the lower 
end of the target range for ambient sound from  
NF S31-199. 

Collaborative 6 45 The background sound level is taken from the lower end 
of the target range for ambient sound in NF S31-199. 

Non-

collaborative 
5 42 

Preferably calmer than collaborative spaces. The 
background sound level is taken from the middle of the 
target range for ambient sound in NF S31-199. 

Focused 

phone 
6/4 42 

A protected area for making phone calls, rated with a 
higher Liveliness as a source compared to rating as a 
receptor. 

Focused 

individual 

work 

3 40 
A specially-protected area, enabling lower background 
sound levels.  May be in a shared cellular room or area 
for acoustic protection, or an individual booth. 

 

4.4 Signal to noise ratio to describe intrusion and impact of unwanted speech 
ISO 3382-3 relies on STI to assess speech intelligibility. The new method uses signal to noise ratio 

(SNR) in the first instance, so that the acoustic designer can gain more insight into the different 
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acoustic components that combine to give the STI - ie source level, attenuation in transmission, 
reverberation, and masking sound level. SNR has been correlated with other measures of intelligibility 
by Lazarus (12), an extract of which is reproduced in Table 2. 

 
Table 2 – Speech Intelligibility Evaluation, from Lazarus, 1987 

Parameter Value for comparison 

STI 0.1 0.2 0.3 0.4 0.5 0.6 

SNR, dB -12 -9 -6 -3 0 3 
 
The new approach is based on the impact of one workstation on another in terms of signal to noise 

ratio (SNR), where the “signal” is the unwanted speech.  The “noise” level is based on the background 
sound level that includes sound from the more distant activity within the office.  The acoustic 
parameter used to describe this noise level is the statistical parameter for the A -weighted sound level 
exceeded for more than 90% of the time, LA90, T. This parameter reflects more a measure of the “quiet” 
rather than the “noise”, as it is only for 10% of the time that the ambient sound is below this level.  
Hence it may be a reliable level when considering the effect of masking unwanted speech.  

This is a deliberately simplistic approach to quantifying the impact of the ISE.  There are many 
advantages of a simplistic approach, not least the ease of understanding and accessibility to a wide 
range of people.  The simplification means that many of the subtleties around factors governing the 
impact of the ISE are lost.  For example, the reduced intelligibility of speech due to the reverberant 
characteristics of the room is not included in a simple SNR assessment.  This may be included in the 
manner proposed by Wenmaekers et al (13), by reducing the effective SNR by 3 dB to account for the 
reverberant effect of the room on speech intelligibility. The general simplification of using SNR rather 
than STI is considered an acceptable compromise for most situations; of course, the assessment can 
revert to using STI if transmission has strong frequency characteristics, for example. 

4.5 Annoyance depends on control, expectations and sensitivity 
The expectation for and tolerance to intrusive or distracting sounds is highly dependent on the type 

of activity undertaken, and the level of control that the user has over the source of noise and which 
workplace location they occupy. For example, people engaged in individual focused work are likely 
to be more sensitive to intrusive sounds compared to people collaborating on a task. However, if they 
can choose where they go within the office to perform their work, and the source noise is in character 
with the environment they have chosen, they may be less annoyed than people at assigned desks 
subject to the same intrusive sound level. 

A requirement for an increase in acoustic protection from one location to another can be 
characterised in terms of a preference for a decreased SNR.  The increase in acoustic protection that 
is appropriate between dissimilar uses or tasks can be related to the difference in the expected 
Liveliness rating between those uses, but this approach should not be applied without consideration 
of the context. 

The activity described as “focused phone” is used to describe a place for making phone calls that 
requires more than the normal level of attention.  Such a place would preferably have lower ambient 
noise levels than a call centre, and a lower SNR for speech from other workers compared with a call 
centre.  This is an example of a type of activity that does not support many workers engaging in the 
same activity to be grouped together within an open plan office without acoustic protection between 
workstations.  The Liveliness rating of this activity as a source of noise differs from its rating for 
tolerance to noise. 

4.6 Identifying suitable SNRs 
A matrix of SNRs to describe the enhanced protection from one particular activity to another would 

be of great use in the design process. However, there are so many contextual factors that any such 
example matrix must be approached with a large degree of caution. The initial concept to grade the 
acoustic separation between dissimilar spaces is to use the difference in Liveliness rating between 
source of noise and receptor as a multiplier for the SNR requirement in decibels.  A mult iplier of 3 
is used in the example values to determine a predicted SNR requirement, as shown in Equation 1.  
This predicted value is then modified by considering each adjacency pair in turn to identify a SNR 
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that may be suitable; the modified values are shown in Table 3. In practice the particular context 
should be considered rather than simply adopting the values in Table 3.  

 
 

4.7 From SNR to in-situ attenuation 
Background sound levels may be assumed for each type of space, as illustrated in Table 1. A 

suitable source noise level can also be assigned to the particular source area. This may be a standard 
speech source level of 57 dB(A) @ 1m as described in ISO 3382-3; it may also be a raised voice (63 
dB(A) @ 1m), a low voice (51 dB(A) @ 1m), or another level.  The in-situ level difference, Dn,A,s 
can be determined between different types of spaces, based on the SNR requirement, speech source 
level, background noise level. The calculation for Dn,A,s is shown in Equation 2, with potential values 
illustrated in Table 4 based on a standard speech source level. 

 
 

Where, from Table 3: 
SNR is the potential signal to noise ratio required  
Lb is the background sound level, described for example in Table 1. 
Ls,A is the speech source level at 1 m in the freefield, based on the speech sound power. 
 
Table 3 – Potential SNR ratings between different activities, and associated background sound levels 

Source / receiver space 

type 

Liveliness 

rating 

Meetings 

(open 

plan) 

Phone 

(call 

centre) 

Collab

orative 

Non – 

collabo

rative 

Focus

ed 

phone 

Focused 

individual 

work 

Liveliness rating   7 6 6 5 4 3 

Assumed Lb   48 48 45 42 42 40 

Breakout 8 -6 -6 -6 -9 -12 -15 

Meeting (open plan) 7 -6 -3 -3 -6 -9 -12 

Phone (contact centre) 6   0 0 -3 -6 -9 

Collaborative 6     0 -3 -6 -9 

Non-collaborative 5       0 -3 -6 

Focused phone 4         -6 -9 

Focused indiv’ work 3           0 

 

Table 4 – Potential Dn,A,s requirements between different types of spaces, based on a standard speech level 

Source / receiver 

space type 

Meetings 

(open 

plan) 

Phone 

(call 

centre) 

Collaborat

ive 

Non – 

collaborati

ve 

Focused 

phone 

Focused 

individual 

work 

Breakout 15 15 18 24 27 32 

Meeting (open plan) 15 12 15 21 24 29 

Phone (contact centre)   12 18 21 29 

Collaborative    18 21 26 

Non-collaborative       18 23 

Focused phone     21 26 
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5. Design implications 
The primary requirement for achieving acoustic satisfaction is to enable the set of project -specific 

SNRs within an overall ambient noise environment that is also appropriate and conducive to the type 
of work undertaken.  As the SNR is achieved with the combination of attenuation between source 
and receiver, and the background sound level, an appropriate balance is required between these two 
otherwise separate aspects of the acoustic design to facilitate effective functioning of the workspace.   

5.1 Managing the background sound level 
A raised background noise environment, if sufficiently loud, can mask any particular intrusive 

sound.  Sound masking systems may provide some assistance by avoiding the problem of offices 
being so quiet that speech from greater distances becomes distracting. Workers often report this type 
of office to be “too noisy”, when the acoustician may consider it to be “too quiet”.  The use of 
masking sound systems is controversial; the level and type of sounds that may be acceptable to most 
people are often too quiet to provide much effective masking, according to Martin  (14). Martin also 
notes that annoyance at the level of masking sound may not preclude its benefits in reducing 
distraction and improving task performance. Background sound levels that are found to be acceptable 
may depend strongly on the size of the office, as well as the type of work being undertaken. In larger 
offices there is likely to be more sound from greater distances, whereas in smalle r offices there is a 
greater risk of lower background sound levels.  The German VDI 2569: 2016 makes a distinction 
between “small” and “large” multi-person offices where the maximum distance between workstations 
is 8 m.  When considering background sound levels, a larger size may be required in order to rely on 
the background sound from more distant activities. 

5.2 Managing attenuation between workstations 
The in-situ attenuation of speech, Dn,A,s is a new parameter. It is important to gain some feeling for 

the implications of the values described in Table 4 – to understand the design implications. As 
currently described in the French Standard NF S31-199, the parameter Dn,A,s is measured between the 
positions of a seated talker and seated listener, unless otherwise noted, with source and microphone 
positions 1.2 m above floor level.  NF S31-199 does not describe A-weighted attenuation based on 
the speech source spectrum – this additional detail is added in ISO/WD 22955. Figure 1 illustrates an 
extract from a CATT acoustic model, with the values of Dn,A,S indicated between selected positions.  
These calculated values are interpreted as a little higher than values that may be measured in practice.  

 
Figure 1: Calculated values for Dn,A,S between particular positions from a CATT Acoustic model 
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6. CONCLUSIONS 
The theory that reducing the intelligibility of unwanted speech can improve acoustic satisfaction 

is well established and demonstrated in laboratory studies.  However, acoustic satisfacti on in real 
workplaces is only loosely correlated with the distraction distance, rD, measured over the floor plate. 
If acoustic designers are only motivated and equipped to propose features in the pursuit of achieving 
lower values of rD, the inferred design requirements may be in conflict with other aesthetic aspirations 
for the accommodation and internal environmental conditions; more importantly, the overall goal of 
acoustic satisfaction and workplace efficacy may be missed entirely.  

Control over one’s environment is likely to be a stronger indicator for workers’ acoustic 
satisfaction than any technical acoustic features.  As the nature of the workplace changes to become 
more fluid and less based on assigned workstations, people’s tolerance to intrusive sounds may well 
also adapt. 

The proposed method for ISO/WD 22955 extends the concept of the impact of unwanted speech 
and intrusive sounds; these preferences can be used to determine in-situ attenuation requirements 
between specific workstations.  This can be most effectively achieved within an environment that has 
appropriate treatment for sound absorption. The proposed method for ISO/WD 22955 supports, rather 
than conflicts, the work of the workplace designer. 
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Comparison of models to predict the effect of background speech on work
performance in open-plan offices

Tobias RENZ

Renz Solutions GmbH, Germany

Abstract
There are different models to estimate the relationships between measurable acoustical parameters and office
workers’ perception, well-being and performance. These models are based on speech transmission index (STI),
fluctuation strength (FS) or percentile level statistics. Whilst STI requires a loudspeaker and is measured in
unoccupied conditions, other metrics, such as FS or percentile level statistics, can be determined in situ during
usual working hours. Nonetheless, the established models have some shortcomings. STI can estimate the effect
of one simulated speech source on short-term memory performance but it cannot assess the effect of office noise
exposure in occupied offices. FS correlates with the impact of temporal-spectral variability of a background
sound on short-term memory performance but it depends on the sound pressure level which does not have an
effect on the short-term memory performance. Percentile level statistics correlate with the speech-to-noise ratio:
higher differences between the 10th and 90th percentile levels measured with fast time weighting lead to lower
number recall performances. As part of this study 110 sound conditions under which subjects have to complete
a number recall task are evaluated with respect to their relationships with these three acoustical parameters. A
cross-validation reveals comparable prediction qualities of the models.

Keywords: Open-plan office, Work performance, Irrelevant sound effect

1 INTRODUCTION
1.1 Effects of Noise on Office Workers

Background speech in open-plan offices can deteriorate the subjective well-being and work performance (1).

Speech from colleagues’ conversations or telephone calls is the most distracting noise source (2).

Auditory background with changing-state features deteriorates working memory performance. This effect of

auditory distraction is especially pronounced in memory for order information, which is known as the irrelevant

sound effect (3). Performance decrements occur when the required cognitive processes conflict with those that

are involved in processing the auditory stimuli, according to the interference-by-process principle (4). Hence,

any sound with sufficient temporal-spectral variability is expected to deteriorate the serial memory. Testing the

mean error rates of subjects in a serial recall task in laboratory conditions is a well-established method to

determine the auditory distraction by background sounds. A serial recall test consists of a series of digits or

letters that are presented sequentially on a computer screen (auditory presentation is also possible) and have to

be recalled at the end of the sequence presentation after a short delay (retention interval).

Room acoustics simulations enable acoustical consultants to predict the effects of acoustical materials and

products on various parameters. The standard ISO 3382-3 suggests the use of reverberation time, spatial decay

of sound pressure level (SPL) and parameters based on the speech transmission index (STI) to evaluate the

acoustical design of open-plan offices. STI, which is a metric to predict the speech intelligibility, is suggested

to predict both subjective noise disturbance and work performance (e.g. Refs. (1, 2, 5, 6)).

1.2 Review of Existing Prediction Models
Hongisto’s model (5) based on the STI predicts the decrease of performance (DP) due to speech of varying

intelligibility. The model is based on three laboratory studies that analyse the performance in number recall or

proofreading. Additionally, one field study is included that evaluates the self-reported daily waste of working
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time before and after an office relocation (2). Since its introduction in 2005 this model has been applied to

the acoustical design and evaluation of open-plan offices (e.g. in the standard ISO 3382-3) and has become a

well-established tool for the acoustical assessment of open-plan offices.

In practice, it is difficult to measure or simulate the STI because the occurring background noise levels

during a usual workday are often unknown. The STI is not defined for fluctuating background noise, as observed

in occupied open-plan offices. In addition, the standard DIN 60268-16 mentions that STI measurements are not

suitable to assess systems that produce speech privacy through sound masking because the STI is not verified for

such conditions. Moreover, the selection of transmission paths remains challenging because it is not clear which

talkers have to be considered as speech sources and which talkers vanish in the background noise. Hongisto’s

model (5) cannot account for multi-talker environments. As the model is fitted to data that contains one talker

under steady-state background noise, the STI is able to predict the speech intelligibility. The DP model may

estimate the disturbing impact of speech intelligibility but not of temporal-spectral variability. Since temporal-

spectral variability correlates with speech intelligibility in sound conditions with one talker under steady-state

background noise, the model correlates highly with the DP.

Schlittmeier et al. (7) model the irrelevant sound effect by using the hearing sensation fluctuation strength

(FS). FS is a predictor of the hearing sensation of fluctuations that are caused by low amplitude or frequency

modulations below approx. 20 Hz modulation frequency. FS peaks at about 2 Hz to 5 Hz which is equivalent

to the typical syllabic rate of speech (8). The model applies to speech as well as non-speech sounds. The FS

correlates well with the sensation of amplitude or frequency modulations but not with the DP due to temporal-

spectral variability of sounds. FS is not very sensitive within the range of typical office sounds consisting of

speech and non-speech sounds. The FS can vary by decades between masked and unmasked speech while

changes in the speech-to-noise ratio result in rather small changes in FS. In the following, the speech-to-noise

ratio denotes the level difference between the A-weighted SPL of a distracting speech sound and the A-weighted

SPL of a masking or background sound.

Liebl et al. (9) review both models, concluding that Hongisto’s model (5) cannot account for distracting

non-speech sounds such as office noise or background music while Schlittmeier’s model (7) cannot account for

the additional performance decrement of speech as compared to speech-like noise. The main finding of the

study can be outlined by the mean error rates that are observed during variable speech-like noise: STI cannot

account for the disturbing impact of the temporal-spectral variability while FS overestimates the DP because

the FS is similar to a speech signal that causes a much higher DP. Liebl et al. (9) mention that the approach

based on the STI is often misunderstood by facility managers and office owners which equate the STI with

speech intelligibility and semantic content of background speech. However, the irrelevant sound effect denotes

a phenomenon which is rather based on temporal-spectral characteristics of the acoustic background regardless

of whether subjects understand the background speech.

In contrast to Finland’s National Building Code that sets STI limits, German standards (such as VDI 2569

or DIN 45645-2) avoid the use of the STI. The rating level Lr, that is based on A-weighted energy-equivalent

SPL measurements and the consideration of penalties for impulsiveness, tonality and informational content,

provides the basis for the assessment of noise immissions in office buildings in Germany. The set values that

are described in the standard guideline VDI 2058-3 are not expected to correlate with the subjective perception

or working memory performance of office workers that are subjected to office noise (10). Hence, there is a need

to improve the assessment of this parameter or to identify a different metric that enables in situ measurements

and correlates with the effect of office noise on workers.

1.3 Aim of This Study
This paper compares a new approach to predict the working memory performance under distracting back-

ground speech based on percentile level statistics with the established models that are based on STI and FS.

Based on practical experiences in German open-plan offices, the new model can be applied during the everyday

work of acoustical consultants and occupational safety and health institutes. By using percentile levels (SPL that
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is exceeded for a defined percentage of time during the measurement time), the SPL of fluctuating speech peaks

and the SPL of stationary background noise are estimated. Zuydervliet et al. (11) suggest that background levels

can be described by the 90th percentile LAF,90% and that activity levels can be described by the 10th percentile

LAF,10%. The difference of these two levels correlates with the speech-to-noise ratio at the receiver position.

Kaarlela-Tuomaala et al. (2) analyse similar level statistics in a study that compares the subjective perception of

an acoustic environment during a relocation from private office rooms to an open-plan office and conclude that

the variability of SPL is not related to the self-rated disturbance caused by noise. However, the study considers

only the percentile levels LA,1% and LA,99% and the measurements do not distinguish between speech sounds

from the person working at the respective workstation and distracting background speech from colleagues.

In contrast to Hongisto’s model (5), the suggested model does not require a loudspeaker to simulate a

speech source, and hence it can be applied to occupied open-plan offices and it can consider multi-talker sound

environments. Similar to Schlittmeier’s model (7), the overall sound condition is analysed at receiver points

instead of the STI on distinct transmission paths. Contrary to the STI, the model does not take reverberation

into account. Reverberation times in open-plan offices are usually between 0.3 s and 0.7 s, and hence do not

have a notable impact on the resulting STI values. Compared to the FS, the presented predictor is easier to

determine because the computational cost are notably lower allowing for measurements with conventional sound

level meters. The model is developed with data points that contain one speech sound similar to Hongisto’s

study (5).

2 METHODS AND MATERIALS
2.1 Sound Conditions

Twelve laboratory experiments from ten different studies are considered. Table 1 provides an overview of the

studies. All studies comprise two control conditions: the first control condition is a distracting speech signal and

the second control condition consists of silence or stationary noise at moderate SPL (25 dB). The other sound

conditions contain speech with different speech intelligibility. The speech intelligibility is reduced by adding

a masking sound to the signal. Different masking sounds are used, such as stationary noise, babble, reversed

speech, nature sounds, and ventilation sounds. The speech-to-noise ratio varies between –12 dB and +4 dB. One

sound condition from the study by Martin and Liebl (12) is excluded from the further analyses because the

participants are subjected to their favourite music, and hence the sound condition is different for each subject.

Table 1 – Overview of the included studies

No. Authors (reference) Primary comparison Presentation

1 Renz et al. (13, 14) reversed speech and stationary noise headphones

2 Renz et al. (15) stationary and babble masker headphones

3 Liebl et al. (9) steady and variable speech-like noise headphones

4 Liebl et al. (16) different ventilation sounds headphones

5 Martin and Liebl (12) various masking signals headphones

6 Renz et al. (17) spatial masking release headphones

7 Renz et al. (18) local and conventional masking loudspeakers

8 Ebissou et al. (19) use of STI for annoyance assessment loudspeaker

9 Ellermeier and Hellbrück (20) effect of speech-to-noise ratio headphones

10 Jahncke et al. (6) effect of speech intelligibility headphones

The experimental design of all experiments is a one-way repeated measures design with five to twelve levels

according to the tested sound conditions, i.e. all subjects perform the test during the same sound conditions.

During each sound condition the subjects perform a serial recall task where they have to memorise a sequence

of nine digits and recall it in the exact order of presentation after a short retention interval. Each item that
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is not recalled correctly at the presented serial position is counted as an error. The retention interval varies

between the studies (0–10 s). The study by Jahncke et al. (6) does not include a serial recall task but uses free

recall by visual presentation of lists of ten words. For the studies with serial recall the percentage of incorrectly

recalled digit positions of all tested sequences of one condition (mean error rate) is determined. In the study by

Ellermeier and Hellbrück (20) subjects can leave blanks empty. In this case a random integer between 1 and 9

is chosen for this serial position. Results that are only depicted in graphs are estimated (studies by Ellermeier

and Hellbrück (20) and Jahncke et al. (6)). The sound signals that are used by Ellermeier and Hellbrück (20)

are generated manually, and thus they may differ from the original sound conditions.

The absolute performance change, the DP, is calculated as the difference in the mean performance between

the silent control condition and the analysed sound condition or as the difference in the mean error rates be-

tween the sound condition and the silent control condition:

DP = Psilence −Pcondition. (1)

In some studies the silent control condition comprises stationary noise at moderate levels which does not

have an effect on the working memory performance (e.g. Ref. (20)).

2.2 Predictor Variables
The percentile level difference LAF,10%–LAF,90%, the STI, and the FS are considered as predictor. SPL and

FS values are computed with the software ArtemiS version 12.05.1512 (HEAD acoustics GmbH, Herzogenrath,

Germany). The STI values are reported in most studies or otherwise they are determined by taking the SPLs

of the speech and masking signals into account (21). In binaural listening conditions the maximum values at

both ears are used because prior analyses showed that the serial recall performance correlates with the STI and

FS values at the advantaged ear (cf. Ref. (17)) and because the standard DIN 60268-16 suggests the use of the

higher STI value if binaural recordings are performed with a dummy head.

2.3 Model Fitting
A three-parameter logistic model based on the logistic function is considered:

f (x) =
L

1+ exp(−k(x− x0))
, (2)

with the curve’s maximum value L, the steepness of the curve k, and the x-value of the curve’s midpoint x0.

The use of a logistic function seems appropriate because it can model the S-shaped curve that is commonly

observed for sentence intelligibility and DP under speech with varying speech-to-noise ratios (cf. Refs. (5, 22)).

The models are determined in R (23) with the software RStudio Version 1.1.383 (RStudio, Inc., Boston, MA,

USA). The model fitting is based on two steps of a cross-validation. Firstly, the 89 DP values of all studies that

are performed at the Fraunhofer Institute for Building Physics (first seven studies in Table 1) are considered as

response variable to determine and validate the models. Secondly, the 21 DP values of the three studies that

are performed at other research groups with different experimental conditions (last three studies in Table 1) are

considered to validate the determined models.

A repeated eleven-fold cross-validation with ten repetitions is performed to determine the models. Repeating

a k-fold cross-validation can be used to effectively increase the precision of the estimates while maintaining a

small bias (24). The model fitting is based on the following four steps, as described by Kuhn and Johnson (25):

1. Ten randomly ordered lists are created that contain the 89 data points of the predictor and the DP values.

2. For each of these 10 lists, 8 train sets with 78 data points and 8 test sets with the remaining 11 data

points are created, while always considering 11 different data points.

3. The respective model fits for each of the 80 train sets are determined.
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4. The average values of the model parameters are calculated.

The validation procedure is as follows:

1. For each of the 80 test sets the root-mean-square error (RMSE), which describes the standard deviation

of the differences between the predicted values and the observed values of the test set, is computed.

2. The average values of all 80 determined RMSE values are calculated and compared between the consid-

ered models.

The RMSE is determined as follows:

RMSE =

√
∑n

i=1 (ŷi − yi)
2

n
, (3)

with the predicted values ŷi and the observed values yi over the n = 11 data points.

Besides the RMSE values, the Pearson correlation coefficients rxy and Spearman’s rank correlation coeffi-

cients rS are determined to compare the different models. The Pearson correlation coefficient is not suitable to

compare non-linear relationships. The values are still computed because correlation coefficients are reported in

similar studies (e.g. Refs. (1, 7)).

In the second step, the RMSE, rxy and rS values are calculated across the 21 additional data points.

3 RESULTS
The results of the cross-validation are outlined in Table 2. STI results in the lowest vlues of rS and RMSE.

STI, FS and LAF,10%–LAF,90% reveal comparable results with respect to rS and RMSE. LAF,10%–LAF,90% appears

to be suitable to predict the working memory performance under distracting background speech.

Figures 1 and 2 illustrate the determined models in step 1 and step 2, respectively. The DP over the STI

and LAF,10%–LAF,90% seems to follow an S-shaped curve. It should be noted that FS and LAF,10%–LAF,90% show

a wide range of values because they are not limited to values between 0 and 1. The FS values range from 0

to 0.37, but the change in DP occurs over a much smaller range (0–0.01).

Table 2 – Cross-validation results of the working memory performance models: Pearson correlation coefficient

rxy, Spearman’s rank correlation coefficient rS, and the RMSE averaged over all 80 test sets. ∗, ∗∗, ∗∗∗ Represent

significance at the p< .05, .01, and .001 levels, respectively

Predictor variable Response variable rxy,1 rS,1 RMSE1 rxy,2 rS,2 RMSE2

STI DP 0.74∗∗∗ 0.82∗∗∗ 2.5 0.88∗∗∗ 0.90∗∗∗ 3.9

FS DP 0.36∗∗∗ 0.74∗∗∗ 2.6 0.79∗∗∗ 0.84∗∗∗ 4.9

LAF,10%–LAF,90% DP 0.53∗∗∗ 0.75∗∗∗ 2.7 0.47∗∗∗ 0.73∗∗∗ 4.0

4 DISCUSSION
STI, FS and LAF,10%–LAF,90% show comparable prediction accuracy of working memory performance under

distracting background speech. The presented model based on LAF,10%–LAF,90% can be used to estimate the re-

sulting DP in occupied offices. The metric is easy to measure in situ. Since occupational safety and health in

Germany requires the measurement of rating levels Lr in occupied offices the suggested metric can be deter-

mined without additional cost. Whilst the STI is determined on one distinct transmission path, the presented

model can consider multi-talker environments.

Some shortcomings remain that may limit the applicability of the presented model and require further re-

search. First, all considered data includes only a single voice that is masked by multiple sounds; multi-talker
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Figure 1 – Plots of the fitted and cross-validated working memory performance models of the response variable

DP over the predictor variables STI (a), FS (b), zoomed area of FS (c), LAF,10%–LAF,90% (d), and zoomed area

of LAF,10%–LAF,90% (e). The solid line shows the determined model. A legend is depicted in (f)
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Figure 2 – Plots of the additionally considered data points of the response variable DP over the predictor

variables STI (a), FS (b), and LAF,10%–LAF,90% (c). The solid line shows the determined model in step 1
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environments are not included. It remains unclear if the model can be applied to complex binaural environments,

for instance, an office environment with multiple talkers that are spatially separated. Second, LAF,10%–LAF,90%

estimates a ratio between the speech level peaks and the ambient noise level but it may not sufficiently account

for the effects of spectral fluctuations and semantic content. Further analyses are necessary to verify whether

this model can be applied to in situ measurements to assess the acoustic satisfaction and work performance

under distracting background speech.

5 CONCLUSIONS
Hongisto’s model (5) based on the STI is an established model for the acoustical design of open-plan offices.

According to the performed analyses, the maximum DP occurs at STI values above 0.5, and hence occurring

STI values should be below 0.5. Nevertheless, the STI cannot be used to measure the office workers’ exposure

to noise and to assess its impact on the individual’s subjective perception and performance impairment, which

is commonly done by occupational safety and health practitioners by means of SPL measurements.

Schlittmeier’s model (7) based on the FS is difficult to apply in practice because the FS depends on the

absolute SPL and there are only a few software tools available to compute the FS. In contrast to the FS,

the percentile level difference LAF,10%–LAF,90% can be determined in situ as part of SPL measurements with

conventional sound level meters.
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ABSTRACT 

Measuring the acoustic performance of open-plan offices is an increasingly important issue for companies 

and employees. Indeed, it has been highlighted in several studies that noise in such workplaces reduces 

employees' performance and makes them be unsatisfied with their work environment. This is especially 

important for conversational noise. The ability of a room and its layout to reduce conversational noise can be 

assessed using acoustic indicators and in particular the D2S (spatial decay of the A-weighted level of a speech 

signal when doubling the distance from the source on a line passing over workstations). This indicator is now 

widely used in the field because it is recommended by several national standards that give values to be 

achieved. However, to date, there are no studies that discuss the accuracy of a measurement in an office. The 

purpose of this presentation is to provide an analysis of the measurement uncertainties for this indicator.  To 

that end, the measurement principle of D2S will be presented as well as an analysis of uncertainties based on 

their theoretical developments. This analysis will be conducted using real cases (measurements) and 

simulated cases using a room acoustics software. 

 

Keywords: Open-Plan Office, Uncertainties, D2S, Speech, ISO 3382-3 

1. INTRODUCTION 

Noise in open-plan offices represents one of the greatest issues for these workplaces. Indeed, it has 

been highlighted that the acoustic environment of open-plan offices reduces the employees’ 

performance as well as their job satisfaction (1). Furthermore, among all noise sources, conversational 

noise has the biggest impact on performance (2) and constitutes the biggest source of annoyance 

caused by the acoustic environment (3,4). Therefore, it appears that the way the office (meaning the 

room and the furniture) influences conversational noise plays a major role in its acoustic quality.  

The ISO 3382-3 (2012) standard (5) introduced an acoustic index which characterizes the spatial 

decay of speech across workstations: D2S. More precisely, D2S is defined as the decrease of the 

A-weighted level of a speech signal when doubling the distance from the source on a line passing over 

workstations. D2S has then been used in many national standards (6,7) which prescribe required values.  

Yadav et al. (8) evaluated the reliability and repeatability of the D2S, but, to our knowledge, no 

study was devoted to the measurement uncertainties of this index. Therefore, the goal of this study is 

to evaluate such measurement uncertainties and to determine their influencing factors. 

2. MEASUREMENT OF THE D2S INDEX 

2.1 Measurement principle 

When measuring speech spatial decay, the first step is to determine a measurement path. This line 

must run from workstation to workstation, each of these workstations constituting a point of 

measurement. Two examples of paths are represented on the left-side of Figure 1. The 

ISO 3382-3 (2012) standard proposes a method to evaluate the A-weighted level that would have been 

measured at the different workstations if the noise emitted by the source had a speech-like spectrum 

(noted Lp,A,S in the standard but called Li thereafter). D2S is then calculated as the slope of the linear 
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regression (using the least mean square method) of the A-weighted level of speech as a function of the 

distance from the source to the points of measurements (expressed on a logarithm scale – see the 

right-side of Figure 1). The calculation of D2S given in the standard can be performed using equation 1. 

 

 

Figure 1: Examples of measurement paths from the ISO 3382-3 (left) and measurements realized in an 

open-plan office (right) 

 

D2,S = −
N ⋅ ∑(L ⋅ log2(r)) − ∑L∑ log2(r)

N ⋅ ∑ log2(r)
2 − (∑ log2(r))

2  (eq. 1) 

2.2 Measurements used for the study 

For this study, D2S values were measured in 8 open-plan offices, resulting in 21 paths of 

measurement. The 21 measured values are summarized in Figure 2. These values are comprised 

between 3.8 dB(A) and 7.4 dB(A) and their paths were constituted of 4 to 10 points of measurements 

in accordance with the ISO 3382-3 (2012) standard. 

 

Figure 2: Measured values of the D2S 

3. EVALUATION OF THE MEASUREMENT UNCERTAINTIES 

The Joint Committee for Guides in Metrology issued guidelines for the evaluation of measurement 

uncertainties (9). According to this document, the uncertainty made on the evaluation y of a measurand 

Y is obtained by combining the uncertainties of each input used to evaluate Y. In the case of D 2S (for a 

path constituted of N workstations), these inputs are composed of measurements of distances and 

sound pressure levels, resulting in equation 2 which enables to estimate the measurement uncertainty 

of the D2S. The measurement uncertainty of the index depends on its first-order derivatives with 

respect to distances ( ∂D2S ∂ri⁄ ) and speech levels ( ∂D2S ∂Li⁄ ) but also on the measurement 

uncertainties of distances (σri) and speech levels (σLi). 
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σD2S
2 = ∑(

∂D2S

∂ri
⋅ σri)

N

i=1

2

+∑(
∂D2S

∂Li
⋅ σLi)

N

i=1

2

= σD2S
2 (r⃗) + σD2S

2 (L⃗⃗) (eq. 2) 

This expression being the result of a first-order Taylor series approximation, guidelines precise that 

if the dependence of the measurand on inputs is significantly non-linear, it becomes necessary to 

include higher-order partial derivatives to the expression presented on equation (2).  

3.1 Uncertainties due to the measurement of speech levels 

To evaluate the uncertainties due to speech level measurements (σD2S
2 (L⃗⃗) in (eq. 2)), it is required to 

assess the uncertainties of speech levels measurements σLi but also the partial derivatives of the D2S 

with respect to Li.  

 

The derivative of the D2S with respect to speech level, which expression is given by equation 3, 

does not depend on the level. Given the linearity of the D2S with respect to speech level, the expression 

of σD2S
2 (L⃗⃗)  is only composed of first-order derivatives and stays accurate regardless of the 

uncertainties made in measuring the speech level. 

∂D2S

∂Li
= −

N ⋅ log2(ri) − ∑ log2(r)

N ⋅ ∑ log2(r)
2 − (∑ log2(r))

2
 (eq. 3) 

 Speech levels are directly derived from measurements of octave-band levels. Therefore, the 

evaluation of their measurement uncertainties is based on the uncertainties of octave-band level 

measurements. The IEC 61672-1 (2002) standard (10) defines two classes of sound level meters based, 

in part, on tolerance limits for the measurement uncertainties of third-octave band levels. The 

measurement uncertainty of octave-band levels are defined from these limits, depending on the class 

of the sound level meter used to measure the D2S. These limits are given in table 1. 

 

Table 1 – Measurement uncertainties (σoct in dB) of octave-band levels for the two classes 

of sound level meters 

Octave band Class 1 Class 2 

125 Hz 1.1 1.3 

250 Hz 1.0 1.2 

500 Hz 1.0 1.2 

1000 Hz 0.8 0.9 

2000 Hz 1.1 2.0 

4000 Hz 1.1 2.0 

8000 Hz 1.8 3.1 

 

The measurement uncertainties of speech level is then evaluated with the same method as 

previously, resulting in the equation 4. In this case, the accuracy of the approximation has to be 

verified because the overall level is non-linear with respect to the octave-band levels. 

σLi
2 = ∑(

∂Li
∂Li,oct

σoct)

2

= ∑(
10

Li,oct
10⁄

10
Li

10⁄
⋅ σoct)

2

 (eq. 4) 

To assess the precision of this estimation, the result obtained using the equation 4 was compared to 

the one obtained from a Monte-Carlo method (11) on 137 measurements realized in several open-plan 

offices. This method consists in adding a random error on measured octave-band level. The dispersion 

of the overall levels obtained from this error sampling is equal to the real uncertainty. 
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Figure 3: Error in the evaluation of σL for the two classes of sound level meters 

 

The result obtained for this comparison are presented on Figure 3, for the two classes of sound level 

meters.  

 

For both class of sound level meters, the evaluation of measurement uncertainties of the speech  

level made using (eq. 4) seems to be very accurate: the absolute value of the error was less than 2% for 

the 137 measurements realized in various open-plan offices. 

 

In an effort to simplify the expression of σD2S
2 (L⃗⃗), some manipulation were made on equation 2. 

Equation 5 was obtained, where Var and Cov represent respectively the variance and the covariance of 

the variable(s). 

σD2S
2 (L⃗⃗) =

1

N ⋅ Var(log2(r))
2
⋅ Cov(log2(r) − log2(r)̅̅ ̅̅ ̅̅ ̅̅ ̅ , (log2(r) − log2(r)̅̅ ̅̅ ̅̅ ̅̅ ̅) ⋅ σL

2) (5) 

3.2 Uncertainties due to the measurements of distances 

Evaluating the uncertainties in the D2S evaluation caused by the measurements of distances σD2S
2 (r⃗) 

requires to assess the uncertainties of distance measurements σri but also the partial derivatives of the 

D2S with respect to ri.  

 

The derivative of the D2S with respect to the distance is obviously non-linear and its expression is 

given by equation 6. 

∂D2S

∂ri
=

−1

log(2)
⋅
N ⋅ Li − ∑L + 2 ⋅ D2S(N ⋅ log2(ri) − ∑ log2(r))

[N ⋅ ∑ log2(r)
2 − (∑ log2(r))

2] ⋅ ri
 (6) 

To assess the distance measurement uncertainty, two hypotheses are made. Firstly, the error is 

assumed to follow a normal distribution centered on the true value of the distance to be measured. 

Secondly, the error is assumed to be independent of the distance. From these hypotheses, the distance 

measurement uncertainty is characterized by one parameter, the half-length of the 95% confidence 

interval, thereafter called d, following the expression given by equation 7.  

σri = σr =
d

√2 ⋅ erf−1(0.95)
≈

d

1.96
 (7) 

As D2S is significantly non-linear with respect to the distances from the noise source, it is necessary 

to evaluated the accuracy of the expression of σD2S
2 (r⃗) for different values of d. The uncertainties 

resulting from the distance measurement uncertainty were evaluated (using equations 2, 6 and 7) for 21 

in situ measurements of D2S realized in various open-plan offices. These evaluations were compared 

to the real measurement uncertainties, estimated using a Monte-Carlo method (consisting in adding a 

random error to the measured distances). The result of this comparison presented on Figure 4. 
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Figure 4: Error in the evaluation of σD2S(r⃗) for different d 

 

Figure 4 indicates that as long as d stays below 50 cm, the evaluation of σD2S(r⃗) remains accurate 

(absolute value of the error below 5%). This limitation is not very restrictive because it is considered 

that with the current measuring equipment (laser range finder), it is easy, in an open office, to estimate 

the distance with an error of less than 50 cm. 

In an effort to simplify the expression of σD2S
2 (r⃗), some manipulations were made on equation 2. 

The result is presented in equation 8, where Var and Cov represent respectively the variance and the 

covariance of the variable(s). 

σD2S
2 (r⃗) =

1

N ⋅ Var(log2(r))
2
⋅

σr
2

log(2)
⋅ Cov (α − α̅,

α − α̅

r2
) 

(8) 

Where α = L + 2 ⋅ D2S ⋅ log2(r) 

4. MEASUREMENT UNCERTAINTY OF D2S 

Finally, the total measurement uncertainty of D2S was estimated using the abovementioned 

expressions for various values of d and for the two classes of sound level meters. Obtained values 

approximatively correspond to the half-length of the 95% confidence intervals of the corresponding 

measurement. The results are represented on Figure 5, in which each line correspond to a single D2S 

measurement. 

The principal observation that can be made from Figure 5 is that the expanded measurement 

uncertainty of D2S remains of reasonable value: for both classes of sound level meters, it stays below 

1 dB as long as the error made on distance measurement is less than 25  cm. 
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Figure 5: Expanded measurement uncertainty of D2S 

5. CONCLUSION 

In this paper, a theoretical expression of D2S measurement uncertainty was derived, depending on 

the measured speech levels and distances from the noise source. The validation of this expression was 

realized using a Monte-Carlo method on in situ measurements ranging from 3.5 dB(A) to 7.5 dB(A). 

The first results indicate that the measurement uncertainty of D2S is less than 1 dB(A) for both 

classes of sound level meters as long as the distance measurement uncertainty is less than 25  cm. 

 To complete this study, the expression of the D2S measurement uncertainty must be validated on a 

wider range of D2S and a parametric analysis will be carried out aiming to identify key factors that 

strongly influence the measurement uncertainty of the D2S. 

REFERENCES 

1.  Banbury S, Berry DC. Disruption of office-related tasks by speech and office noise. British Journal of 

Psychology. 1998 Aug;89(3):499–517.  

2.  Brocolini L, Parizet E, Chevret P. Effect of masking noise on cognitive performance and annoyance in 

open plan offices. Applied Acoustics. 2016 Dec;114:44–55.  

3.  Haapakangas A, Helenius R, Keskinen E, Hongisto V. Perceived acoustic environment, work 

performance and well-being - survey results from Finnish offices. 2008;9.  

4.  Perrin Jegen N, Chevret P. Effect of noise on comfort in open-plan offices: application of an 

assessment questionnaire. Ergonomics. 2017 Jan 2;60(1):6–17.  

5.  The International Organization for Standardization (ISO). ISO 3382-3:2012 - Acoustics - 

Measurement of room acoustic parameters - Part 3: Open plan offices. 2012.  

6.  Agence Française de Normalisation (AFNOR). NF S 31-199 : Acoustique - Performances acoustiques 

des espaces ouverts de bureaux (Acoustics - Acoustic performances of open-plan offices). 2016.  

7.  Verein Deutscher Ingenieure (VDI). VDI 2569 : Shallschutz und akusische Gesaltung im Büro (Sound 

protection and acoustical design in offices). 2016.  

8.  Yadav M, Cabrera D, Love J, Kim J, Holmes J, Caldwell H, et al. Reliability and repeatability of ISO 

3382-3 metrics based on repeated acoustic measurements in open-plan offices. Applied Acoustics. 

2019;150:138–46.  

9.  The Joint Committee for Guides in Metrology. JCGM 100:2008 - Evaluation of measurement data - 

Guide to the expression of uncertainty in measurement. The International Bureau of Weights and 

Measures; 2008.  

10.  European Committee for Electrotechnical Standardization (CENELEC). IEC 61672-1:2002 

Electroacoustics - Sound level meters - Part 1: Specifications. 2002.  

11.  The Joint Committee for Guides in Metrology. JCGM 101:2008 - Evaluation of measurement data - 

Supplement 1 to the ‘Guide to the expression of uncertainty in measurment’ - Propagation of 

distributions using a Monte-Carlo method. The International Bureau of Weights and Measures; 2008.  

2428



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Effect of office screens on the spatial decay of sound pressure level 
in open-plan offices 

Tobias RENZ 
Renz Solutions GmbH, Germany 

ABSTRACT 
Speech privacy is one of the most crucial, yet least satisfying aspects in open-plan offices. Background 
speech often causes high distraction and dissatisfaction. At medium to large distances speech intelligibility 
should be minimised to reduce the disturbing impact whereas at short distances intelligibility may remain 
high to support communication within teams. A holistic acoustical design takes the requirements of the 
occupants into consideration. Besides the zoning of teams and the application of an appropriate layout, the 
combined use of sound absorbers, screens and masking can diminish the impact of disturbing speech at 
medium to large distances. The height of the used screens can have a high impact on the spatial decay of 
sound pressure level and on the resulting speech privacy at medium distances. As part of this study sound 
pressure level measurements of 23 offices are clustered into three groups, namely ‘no screens’, ‘half-high 
screens’, and ‘room-high screens’. The level differences at medium distances of 5–10 m are significantly 
different: whilst ‘no screens’ and ‘half-high screens’ result in level differences of 15–20 dB, ‘room-high 
screens’ yield level differences of 25–35 dB. This implies that only ‘room-high screens’ can reduce the 
disturbance by background speech at medium distances sufficiently. 
 
Keywords: Open-plan office, Sound attenuation, Background speech 

1. INTRODUCTION 

1.1 Effects of Office Noise 
Open-plan offices enable an efficient use of limited office space with typical spatial densities of 

7 m2 to 15 m2 per person (e.g. an average size per workstation of 7  m2, as reported by Veitch et al. (1)). 
Open offices may simplify communication and may support team collaboration. However, recent 
findings suggest that face-to-face interaction decreases in open office architectures as compared to 
traditional office spaces (2). 

Particularly, speech privacy is considered to be among the least satisfying aspects of the indoor 
environmental quality in open-plan offices (3). Background speech that is heard from colleagues’ 
conversations and telephone calls is perceived as the most distracting noise source (4–6). 

Background sounds with changing-state features deteriorate the working memory performance 
which is known as the irrelevant sound effect (7). Spectral fluctuations of background sounds may 
affect the working memory performance more than level changes, and semantic content may have an 
additional effect (8). The overall sound pressure level (SPL) of background speech with good 
intelligibility (e.g. SPLs of 35–57 dB(A)) has no impact on the resulting distraction (9, 10). 

The speech transmission index (STI), which is a metric to predict the speech intelligibility, is 
suggested to predict both subjective noise disturbance and work performance (5, 11–14). According to 
a model that predicts the effect of the STI on the performance of cognitively demanding tasks, 
concentration and privacy start to improve at STI values below 0.50 (11, 15). The threshold for 
improvement may even be at lower values, such as 0.45 (16). Good speech privacy may be achieved at 
SPI values as low as 0.20 (11, 15). 

1.2 Office Acoustics 
There are conflicting requirements on speech intelligibility in open-plan offices at short and large 

distances: whilst the acoustic design may facilitate communication over short distances (1–5 m), the 
disturbance by background speech and speech intelligibility have to be minimised at medium to large 
distances (> 5 m). The objective of reducing temporal-spectral variability and intelligibility of 
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irrelevant background speech from adjacent workstations often dominates the acoustical design of 
open-plan offices. Multiple aspects have to be considered to achieve acceptable speech privacy, such 
as acoustically absorptive surfaces, effective sound screens, and the use of electronic sound masking 
(17–19). Furthermore, the architectural design and layout should include sufficient numbers of 
enclosed meeting rooms and the zoning of working teams. 

Appropriate use of sound absorbers and sound screens can reduce the disturbance by background 
speech from large distances (> 10 m). The use of electronic sound masking and application of a 
controlled stationary background noise may become necessary to diminish the disturbance by 
background speech from medium distances of 5–10 m (15, 20). 

Experience has shown that the SPL typically attenuates by 10–20 dB at medium distances in 
open-plan offices with a suspended ceiling and office screens. Therefore, at normal vocal effort of 59–
60 dB(A) in 1 m distance the SPL may not attenuate below the background noise SPL (typically 35–
55 dB(A) with a maximum range of 37–60 dB(A), as reported by Warnock (21)). However, a negative 
signal-to-noise ratio (SNR), i.e. the A-weighted SPL of the speech sound is below the A-weighted SPL 
of the background noise, is usually required to increase the speech privacy and working memory 
performance (11, 12, 22, 23). 

Room acoustical set values mainly follow the goal of assessing the impact of background speech. 
The international measurement standard ISO 3382-3 (24) suggests the use of reverberation time, SPL 
measurements and parameters that are based on the STI. The Finnish standard guideline RIL 
243-3-2008 (25) classifies target values into four classes. The values are based on the measurement 
parameters – spatial decay rate of speech D2,S, A-weighted SPL of speech at a distance of 4 m Lp,A,S,4m, 
and distraction distance rD. The Finnish room acoustic regulations from 2018 name target values of 
reverberation times below 0.6 s and STI values below 0.5 in open-plan offices (26). The French 
standard NF S31-199 (27) recommends spatial decay rates D2,S of more than 7–9 dB and reverberation 
times below 0.6 s (the target values depend on the work type, namely telephone work, collaborative 
work, low-level or non-collaborative work, and public receptions). The German standard guideline 
VDI 2569 (28) classifies the recommendations for maximum reverberation times and sound 
propagation into three groups. While target values of D2,S and Lp,A,S,4m are provided, target values for 
STI measurements are neglected, and hence the effect of sound masking is not considered (29). 

Offices with suspended ceilings and effective screens between adjacent workstations may meet the 
requirements of the highest level of sound attenuation (D2,S  8 dB, Lp,A,S,4m  47 dB). ISO 3382-3 (24) 
names values of D2,S  7 dB, Lp,A,S,4m  48 dB, and rD  5 m as an example of target values for good 
acoustic conditions. However, such values are rarely achieved in the field (14, 15, 30). 

Room-high sound screens are one possibility to meet the requirement of minimising the disturbance 
by background speech at medium to large distances (31, 32). Offices with room-high sound screens 
between adjacent workstations, as shown in Figure 1, may reach values as high as D2,S  14 dB 
Lp,A,S,4m  42 dB, and rD  5 m (33, 34). 

 

 
Figure 1 – Open office with room-high sound screens between adjacent workstations 
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Since the spatial decay rate of speech D2,S does not consider the absolute attenuation of SPL in the 
near field and the distraction distance rD only denotes the distance at which STI values of 0.5 are 
measured, the results of all values should be considered in combination to assess the acoustical quality 
(cf. Ref. 14). Moreover, the STI measurements consider the background noise SPL in unoccupied 
conditions which may not be representative for the acoustic conditions during working hours.  Hence, 
absolute A-weighted SPL measurements (in occupied and unoccupied conditions) may be more 
meaningful when only one measurement parameter is to be compared. 

1.3 Aim of This Study 
This study analyses SPL measurements of 23 offices. The measurement data is clustered into three 

groups, namely ‘no screens’, ‘half-high screens’, and ‘room-high screens’ (see Figure 2). The absolute 
SPL values and resulting sound attenuation at different distances are compared and visualised. The 
significance of SPL measurements at different distances and the effect of different office screen 
heights on the SPL at these differences are discussed. For this reason three distance ranges are defined: 
small distances (1–5 m), medium distances (5–10 m), and large distances (> 10 m). 

 
Figure 2 – Illustration of room-high I-shaped sound screens (left) and T-shaped sound screens (right) 

2. METHODS AND MATERIALS 

2.1 Measurement Data 
The analysed data consists of 23 field measurements performed in German, Austrian and Swiss 

open-plan offices during 2011 and 2018. SPL is measured with a sound level meter NTi XL2 (NTi 
Audio AG, Schaan, Liechtenstein) and NTi M2210 class 1 certified 1/2 in pressure microphone at a 
height of 1.2 m. The loudspeakers Genelec 8040A (Genelec Oy, Iisalmi, Finland), Blaupunkt Velocity 
2GO (Blaupunkt Europe GmbH, Schönefeld, Germany) or NTi DO12-S are used as sound source. 
Pseudo random pink noise is used as measurement signal. Table 1 summarises the properties of the 
open-plan offices in which the measurements are done. 

2.2 Design and Procedure 
The SPL is measured at workplaces in the analysed offices. These measurements are subtracted 

from the SPL measurement at 1 m distance (measured in an open area in the same office) which 
provides an SPL difference at a distance x from the source. All data points (SPL, x) are clustered into 
the following three groups: 

 ‘no screens’: no office screens on the measurement paths. 
 ‘half-high screens’: half-high barriers (office screens, cabinets, etc. with approx. 1.3–2.0 m 

height) on the measurement paths. 
 ‘room-high screens’: screens from floor to ceiling (combination of glazing and acoustic 

panels with approx. 2–3 m width) on the measurement paths. 
In a first step, all data points are depicted in a semi-log plot with the SPL difference over log2(x). 

The same data is shown in a limited distance range of 2–16 m, as suggested by ISO 3382-3 (24) to 
determine the spatial decay rate of speech D2,S. The resulting level differences are compared to the 
determined spatial decay rates of speech D2,S. 

In a second step, the data points between 1 m and 10 m distance are shown in a graph with the SPL 
difference over the distance x between source and receiver. These data points are analysed separately 
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because the screen height not only has a significant effect on the resulting SPL differences, but also on 
the speech privacy (at medium distances of 5–10 m). 

Table 1 – Properties of the open-plan offices 

No. Office screens Ceiling Spatial decay D2,S, dB Reverberation time, s Speaker 

1 room-high screens treated 8.2–12.4 0.29 Velocity 2GO 
2 no screens treated 6.5 (0.26) Velocity 2GO 

3 room-high screens treated 12.8 (0.26) Velocity 2GO 

4 room-high screens treated 6.9–7.0 0.25 Velocity 2GO 

5 room-high screens treated 6.6–11.6 (0.30) Velocity 2GO 

6 no screens treated 3.7 0.46 – 

7 room-high screens treated 12.5 0.42 8040A 

8 room-high screens treated 11.5–12.7 0.34 8040A 

9 room-high screens treated 6.1–6.3 0.20 Velocity 2GO 

10 room-high screens treated 10.7–12.5 0.30 Velocity 2GO 

11 room-high screens treated 7.8–11.8 – 8040A 

12 room-high screens treated 11.8 0.32 DO12-S 

13 no screens concrete 4.5–7.1 0.46 8040A 

14 no screens treated 7 0.48 8040A 

15 half-high screens treated 5.7–6.8 – Velocity 2GO 

16 room-high screens  treated 10.3 0.29 DO12-S 

17 half-high screens treated 7.7 0.61 Velocity 2GO 

18 room-high screens treated 8.5–17.3 0.23 DO12-S 

19 half-high screens treated 6.4 0.37 DO12-S 

20 room-high screens treated 12.7 0.27 DO12-S 

21 room-high screens concrete 10.4–13.0 0.32 Velocity 2GO 

22 half-high screens treated 5.8–8.3 0.40 8040A 

23 half-high screens treated 3.9–5.4 0.57 8040A 

3. RESULTS 
Figure 3 depicts the determined SPL differences. Measurement points in offices with ‘no screens’ 

and ‘half-high screens’ result in similar SPL differences at same distances whilst the regression line of 
the measurements with ‘half-high screens’ is slightly steeper. Three of the four analysed offices with 
‘no screens’ have highly absorptive acoustic ceilings (suspended ceiling with mineral fibre boards  or 
ceiling sails) whereas most of the offices with ‘half-high screens’ have less absorptive ceilings 
(concrete partly covered with ceiling sails or acoustic baffles). The effect of ceiling absorption on 
speech privacy may be as large as the effect of screen height (17). The small differences between ‘no 
screens’ and ‘half-high screens’ may be explained by the small screen height (approx. 1.3–2.0 m) and 
variation due to the relatively small number of data points (26 measurements with ‘no screens’ and 43 
measurements with ‘half-high screens’ as compared to 121 measurements with ‘room-high screens’). 

Figure 4 shows the determined SPL differences in a limited distance range of 2–16  m. The 
regression line of the measurements with ‘room-high screens’ is much steeper than the other two 
regression lines. The positions of the regression lines of ‘no screens’ and ‘half-high screens’ are 
comparable while the regression line of ‘room-high screens’ is shifted to larger SPL differences. 
Offices with ‘room-high screens’ result in much larger SPL differences than offices with ‘no screens’ 
or ‘half-high screens’. 

Figure 5 depicts the SPL differences over the distance on a linear axis. The SPL differences in 
offices with room-high screens in the near field at small distances (1–5 m) vary highly (between 0 dB 
and –34 dB). These variations are caused by deviating measurement positions behind the first sound 
screen and in front of the first sound screen (line of sight to the speaker, i.e. no screen between speaker 
and receiver). Different screen shapes and widths, different numbers of screens (screen between every 
second or every fourth workplace), and different sound reduction indices of the screens due to different 
air tightness (some screens are not mounted joint-tight) may also contribute to variability. 
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Figure 3 – Measured SPL differences over log2(distance) 
 

 

Figure 4 – Measured SPL differences over log2(distance), limited to distances from 2–16 m 
 

 
The SPL differences at medium distances (5–10 m) with ‘no screens’ and ‘half high-screens’ are 

similar and on an average between –15 dB at 5 m and –20 dB at 10 m. Offices with ‘room-high screens’ 
result on an average in SPL differences of –25 dB at 5 m and –35 dB at 10 m. The absolute SPL 
differences at these distances range from approx. 13–28 dB, 8–27 dB, and 14–41 dB for measurements 
with ‘no screens’, ‘half-high screens’, and ‘room-high screens’, respectively (9, 16, and 43 data 
points). 

The spatial decay rate of speech D2,S was on an average at 6 dB (4.5–7.1 dB) on measurement paths 
with ‘no screens’, at 6 dB (3.9–8.3 dB) on measurement paths with ‘half-high screens’, and at 11 dB 
(6.1–17.3 dB) on measurement paths with ‘room-high screens’. 
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Figure 5 – Measured SPL differences over distance, limited to distances from 1–10 m 

4. DISCUSSION 
The determined SPL differences at medium distances of 5–10 m are significantly different: whilst 

the first two groups (‘no screens’ and ‘half-high screens’) result in SPL differences of approx. 15–
20 dB, offices with ‘room-high screens’ yield level differences of approx. 25–35 dB. This implies that 
only offices with ‘room-high screens’ can reduce the disturbance by background speech at medium 
distances sufficiently. 

The spatial decay rates that were determined on measurement paths were notably higher for 
‘room-high screens’ than ‘half-high screens’ and ‘no screens’. The results also imply that spatial decay 
rates in offices with room-high sound screens may depend highly on the position of the first 
measurement point (first measurement position at 2 m distance behind the first sound screen or in front 
of the first sound screen with no screen between speaker and receiver). 

Absolute SPL measurements, such as A-weighted SPLs of speech at distances of 4 m Lp,A,S,4m, 8 m 
Lp,A,S,8m, and 16 m Lp,A,S,16m (or at respective workstations), are expected to be more meaningful in 
such cases. While speech from 4 m distance may still be intelligible and disturbing in open-plan offices 
with low background noise SPLs of 30–40 dB (mean SPL difference over 20 dB for ‘room-high 
screens’), acceptable levels of speech privacy are expected at distances of 8  m from the speech source 
(mean SPL difference over 30 dB for ‘room-high screens’). This may allow small teams (approx. 4 
workers) to collaborate whilst they are not distracted by other office occupants. 

5. FINAL REMARKS 
The German guideline VDI 2569 (28) recommends the combined assessment of D2,S and Lp,A,S,4m 

measurements to characterise the sound propagation in open-plan offices. In practice, D2,S is often 
taken into account whilst Lp,A,S,4m does not receive as much attention as D2,S. Combined considerations 
of D2,S and Lp,A,S,4m may have a similar meaning as absolute SPL measurements at workstations. 
However, D2,S is often understood as a metric of mean sound attenuation, but it only describes the 
behaviour between certain distances (measurements at 2–16 m according to ISO 3382-3 (24)). 
Furthermore, the determined values vary highly depending on the selected measurement paths and 
locations. When the closest measurement point is separated from the speaker by a sound screen , the 
resulting values of D2,S are lower as compared to a measurement with the first measurement point not 
being separated from the speaker by a sound screen. Particularly in offices with room-high screens the 
values may vary highly. D2,S also depends greatly on the measurement path and cannot predict the 
spatial decay at short distances. Moreover, Haapakangas et al. (14) show that there is no correlation 
between D2,S and the percentage that are highly disturbed by speech or by noise in general.  

Established measurement procedures in open-plan offices, such as the consideration of D2,S and 
Lp,A,S,4m values may be misleading and insufficient to characterise offices with room-high sound 
screens. The screen height and screen shape may have a high effect on the SPL differences and not on 
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the rate of spatial decay per distance doubling, as illustrated in Figure 3 and Figure 4. The reduction to 
two single values may indicate a measurement accuracy and reproducibility which does not 
necessarily exist (e.g. Refs. 35, 36). It is highly recommended to consider additional parameters 
besides reverberation time, D2,S and Lp,A,S,4m in the acoustical design of offices (cf. Ref. 30), such as 
STI and SPL values at multiples locations (e.g. Ref. 37). 
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ABSTRACT 
ISO 3382-3 offers a set of acoustic parameters to describe acoustic conditions in open plan offices such as 
speech transmission index, spatial decay rate of speech and background noise level. In this research, these 
parameter values were measured in a typical open plan office while varying furniture, barriers and sound 
absorption. In many open plan offices a high acoustic quality may be desirable, requiring significant amounts 
of barriers and (additional) sound absorption. Acoustic designs of open plan offices can be tested using 
modelling or measurements. In practice one may get very similar design questions such as: ‘Do we need 
screens and how high do they need to be?’. Measured results from offices are available in international 
literature, but direct comparison is difficult because of different building dimensions, floor plans and furniture 
elements. This research presents results from measurements in a single open plan office that is representative 
for many Dutch offices. Furniture, barriers and sound absorption were varied to study the feasibility of 
achieving certain parameter values. The results from this study give insight in the acoustic design that is 
necessary to achieve a certain acoustic quality in the open plan office. 
 
Keywords: Open plan office, ISO 3382-3 

1. INTRODUCTION 
The acoustics in open plan offices is influenced by the building and its furniture elements. A 

generally good starting point is a sound absorbing ceiling and carpet on the floor. And, possibly, the 
floor plan and furniture arrangement can be optimized to avoid acoustically unfavorable combinations 
of functions. As a third step, table dividers and free standing barriers might be used to reduce transfer 
of sound between workstations or areas. Sound absorption can also be integrated into the screens or 
applied to walls. In this study, a large set of measurements have been obtained in a typical open plan 
office while varying screens and absorption. Examples are shown in figure 1 with table dividers and 
side panels (left) and additionally with free standing barriers between groups of tables (right). 

 

Figure 1 – examples of measured variations of screens in an open plan office 

                                                        
1  
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2. LITERATURE 

2.1 Studies on office acoustics 
Some research papers have studied acoustic solutions in a number of different offices by means of 

measurements based on ISO 3382-3 methods, such as Virjonen et al. (1), Keränen and Hongisto (2), 
Yadav et al. (3), Selzer and Schelle (4) and Haapakangas et al. (5). Most papers present room 
properties and the acoustic solutions in the measured offices in tables, including room size and height, 
ceiling absorption, barrier height, etc. Still, without knowing the actual office layouts it is hard to 
comprehend why some offices perform better than others. Specifically, the Finnish Institute of 
Occupational Health (1,2,5) has measured rather extreme values for acoustic quality descriptors. Just 
one example is available in figures 1 and 2 in Virjonen et al. (1), where ‘office 11’ seems to have rows 
of bookcases and single workstations between them. Even though this office might have a very high 
spatial decay rate of speech, one can question whether such an office can be considered as ‘open plan’. 
On the other hand, it is well understood that open plan offices without any acoustic barriers have a 
low spatial decay rate of speech resulting in irrelevant speech being too intelligible and rooms being 
too noisy. 

Some researchers have systematically investigated the changes in acoustic conditions while 
varying room absorption and furniture elements. Two studies by Bradley and Wang (6) and Schmich 
et al. (7) show results from such investigations under laboratory conditions with only two adjacent 
workstations. In the test rooms, reflections from walls were suppressed heavily by sound absorption 
and only ceiling and floor reflections influenced the measurements. Even though these studies give 
great insight on which elements contribute most to the reduction of the sound level on the other side 
of a set of workstations, the absolute measured values cannot be used for practical situations because 
of the lack of room reflections. A study by Keränen (8) did take into account the effect of reflections 
from walls in a 9 x 9 m2 room with 4 groups of 3 workstations, while using the ISO 3382-3 descriptors 
to study the effect of screens and wall absorption. However, still these measurements were not 
representative for a typical open plan office where multiple groups of workstations continue along a 
line. There is a lack of systematic research on acoustic solutions in real offices. 

2.2 Acoustic descriptors and guidelines 
Four single number ratings are proposed in ISO3382-3: the decay rate of speech (level reduction 

when doubling the distance), D2,S, the A-weighted sound pressure level of speech at a distance of 4 
m, Lp,A,S,4m, the distraction distance, rD (above which the Speech Transmission Index, STI, falls below 
0.50), and the average A-weighted background noise level, Lp,A,B. Detailed explanation of these 
parameters is given in Virjonen et al. (1) and in the ISO standard. The relation between these 
parameters has been discussed by Wenmaekers and Hak (9). 

Specifically, the Speech Transmission Index is not only influenced by the acoustics of space by the 
smearing of sound but also by the ratio of speech level and background noise level, see Wenmaekers 
and Hak (10). In current paper, three levels of background noise have been considered that cover the 
typical range of levels in offices. The spectrum is based on the NR = 30 dB curve for the relevant 
frequency range 125 to 8000 Hz to simulate typical noise from HVAC systems, see table 1. Note that 
active noise masking might be necessary to achieve the higher noise levels 40 and 45 dB(A), while a 
quiet office may have a 35 dB(A) background noise level. 

 
Table 1: background noise levels based on NR curve 30 dB  

                                                                                                         125 250 500 1000 2000 4000 8000 
NR27 = 35 dB(A) 45 37 31 27 24 22 20 
NR32 = 40 dB(A) 50 42 36 32 29 27 25 
NR37 = 45 dB(A) 55 47 41 37 34 32 30 
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Currently, guidelines exist in Finland (11), Germany VDI 2569, see (12) and France NF S 31, see 
(13) for (some) of the acoustic parameters. Figure 2 shows the distribution of measured data for the 
speech level related parameters D2,S and Lp,A,S,4m for Finnish and German guidelines. The French 
guidelines use D2,S ≥ 7 or 9 dB and speech level reduction at the opposite desk Dn ≤ 4 dB or Dn ≥ 6 
dB. It is clear that a large part of the data falls into the lower categories and only few offices meet the 
highest requirements. Also, only the offices measured by the Finnish Institute of Occupational Health 
seem to reach D2,S values above 9 dB. It is striking that the German guidelines have chosen lower 
values. Perhaps because these are more realistic? Nevertheless, also very few measured offices reach 
the highest category of the German guidelines. 

 
 

    
Figure 2: measured data from (1,2,3,4,5) compared to guidelines from Finland (left) and Germany (right) 

 
Even though D2,S and Lp,A,S,4m are useful parameters for describing the acoustics of the open plan 

offices, research by Haapakangas (5) indicates that these parameters do not correlate with the 
percentage of people that are highly disturbed by (speech) noise. The parameters that relate to speech 
intelligibility, STI and distraction distance rD, did show a correlation with highly disturbed people. 
The Finnish guidelines describe 5 different classes for rD. Figure 3 shows the distribution of measured 
data for the speech intelligibility related parameters rD and Lp,A,B and the rD classes. Again, very few 
offices achieve the highest class and most offices are in the lower categories. Also, it is shown that in 
general a higher background noise level results in a lower distraction distance but with large variations.   

 

 
Figure 3: measured data from (1,2,3,4,5) compared to guidelines from Finland 

 
We can conclude that the different guidelines allow the possibility of achieving an office design 

that can meet the different quality levels (A-E and 1-3). Offices in the highest categories A-B and 1 
seem to be rare, while offices in the middle classes (C and 2-3) are found in all available literature 
sources. Also, it is clear that most offices fall into the lower categories (D-E or <3). 
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2.3 Research goal 
Few guidelines exist how to actually achieve a certain quality level or category using ISO 3382-3 

parameters. What solutions can the user expect when he asks for a certain quality level? Are the 
necessary acoustic measures realistic or even desired from other viewpoints than acoustics? Surely, 
high screens will improve acoustic quality but does it match the expectation of the user within the 
open plan office concept? 

To get more insight, an experiment was conducted in a single office while gradually increasing the 
amount of acoustic measures such as screens and absorption. The office and the acoustic measures 
were chosen to be representative for modern offices and office furniture in The Netherlands. Results 
show what measures are needed for the given office to achieve the different quality levels. They can 
serve as examples for other office designs or as benchmarks for simulations of other office layouts. 
Also, it is shown that some of the higher quality levels are not (easily) reached with realistic measures. 

3. METHOD 

3.1 Measurement procedure and equipment 
Measurements have been performed following ISO 3382-3 over two measurement lines, one along 

the wall and one along the aisle with the sound source in front of the wall. An omnidirectional sound 
source (B&K 4292) and an omnidirectional microphone were connected to a laptop with measurement 
software Dirac 6 (B&K 7841) via a triton usb device (AE) and amplifier (B&K 2734). The sound 
source was calibrated in a reverberation room using the ‘system calibration’ function in Dirac. The 
microphone was calibrated in Dirac using a reference tone (B&K 4231). Source and receiver typically 
had a 1.2 m height, except for experiments with a workstation for standing where the source had 1.5 
m height. The source-receiver distance was derived from the impulse response measurements of the 
room with only tables using the Dirac software. 

3.2 Room and furniture 
A vacant office was selected that was available for two weeks to perform the measurements. Floor 

plan and dimensions are shown in figure 4 on the next page. The room is typical for many Dutch open 
plan offices as it has a long and narrow floor plan to provide daylight and with closed rooms to 
subdivide the long space. The space between table groups is approximately 2 x 0,9 m which is the 
typical space required to reach the workstations. When the barrier between workstation groups is 
applied, the same distance is preserved, even though it is common to provide more space (1.2 m 
between workstation and barrier), such that measurements with and without barrier can be directly 
compared. 

Within the group of four workstations, table dividing panels can be placed and side panels on the 
side of the wall and aisle and in the middle, see figure 4. The distance between workstations and the 
side wall is 0.5 m and extensions for the table dividing panel and free standing barrier are available 
to close the gap. 

3.3 Room materials and furniture elements 
The room has a sound absorbing ceiling with 20 mm Rockfon panels on a > 500 mm cavity. The 

floor is covered by carpet and the walls are acoustically reflective (glass and gypsum board). Except 
for the 20 workstations (5 groups of 4 workstations) the room was completely empty. As a result, it 
might be more reverberant and reflective than a fully furnished office, which makes the results from 
the experiment pessimistic. 

Table dividing panels and free standing barriers were constructed from 25 mm chipboard, which 
is relatively heavy for office screens but guarantees that sound transmission through the screen is 
negligible. In most cases, the table dividing screens run to the floor and have a 1.2 m or 1.5 m height 
which is typical for a solution that allows seeing each other while being seated or standing respectively. 
The free standing barriers between groups of workstations are 2 m high. 

Sound absorption could be applied separately to the screens on each side of the chipboard. As 
sound absorption, 30 mm melamine foam was applied only to the upper 1.3 m height of the screens 
were it is most effective. Thicker sound absorption on either side of a core was not considered to be 
common in standard office screens. In one case, 60 mm melamine foam was used as a screen without 
the core. In another case, sound absorption was also applied to the back wall behind the sound source.  

The sound absorption coefficients of the materials are shown in the graph in figure 4. 
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Figure 4: floorplan and section with dimensions 

graph with sound absorption coefficients  
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4. RESULTS 
27 iterations of changes in the screens setup were tested to understand the relevance of 

combinations of solutions while taking over 500 impulse response measurements. Figure 5 shows the 
measurement results for four variations of the setup that made a considerable improvement compared 
to the empty tables and each other. The variations are as follows: 
v1:  only the tables in the room 
v2:  tables with 1.2 m high table dividers made of 60 mm thick sound absorption without a core 
v3:  tables with 1.5 m high table dividers made of 30 mm thick sound absorption of each side of a 

core together with reflective side panels 
v4: as v3 combined with a 2 m high free standing barrier between groups of tables, the upper 1.3 m 

of the barrier is covered with 30 mm of absorption on each side of the core. On the same height, 
sound absorption is applied to the back wall behind the sound source. 

Figure 5 shows the A-weighted speech level (Lp,A,S) as a function of distance, the speech transmission 
index (STI) as a function of distance with a 40 dBA background noise level, reverberation time T30 
per frequency and the distraction distance for each variation for three background noise levels 35, 40 
and 45 dBA . In the legend of the graphs, results for single number ratings are presented. 

 

 

Figure 5: measurement results for four different variations of furniture setups  
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4.1 V1: Only tables 
The results with empty tables confirm that without any screens the acoustic parameters related to 

speech levels are in the worst categories as described in section 2.2 (Class E or Step <3). The 
distraction distance is too long when background noise is low. Nevertheless, with a 45 dBA 
background noise level (which requires active sound masking), it seems possible to achieve ‘Class B’ 
from the Finnish guidelines (rD > 8 dB). 

4.2 V2: Table dividers 
A first step of improvement is made by applying the table dividing panels. Measurements show 

little difference in screen height 1.2 m or 1.5 meter. Neither does a standing table with source height 
1.5 m result in significant change in parameter values compared to a sitting table with source height 
1.2 m. However, if the 1.5 m high dividing panel is only above table level, the opening under the table 
has a large impact and this type of screen is therefore not recommended. The setup with reflective 
table dividing panels was found to ‘sound’ very unpleasant and is therefore not considered as an 
appropriate solution. 

Because the measurement results for various heights and finishes of the table dividing panels are 
comparable, the most suitable solution is a 1.2 m screen with 60 mm of absorption without a sound 
insulating core. With this solution, ‘Step 3’ from the German guidelines is met, while in the Finnish 
Class system still the poor class ‘E’ is reached for speech level parameters. However, a ‘Class C’ 
distraction distance is achieved with 40 dBA background noise level or even ‘Class A’ with 45 dBA. 

4.3 V3 Table dividers and side panels 
The next step of improvement is made by applying side panels, see figure 1 left. These panels 

block sound that is travelling around the screen in the horizontal plane. Near a wall, the side panels 
block the reflection of sound via this wall, which can also be solved by extending the table dividing 
panel to the wall. Experiments with applying sound absorption to the wall on the side of the aisle did 
not show considerable improvement. Also, applying sound absorption to the side panels on the side 
of the table did not give considerable improvements. This means that the side panels can be reflective 
on both sides. Listening experiments confirmed that the absorption on the table dividing panel is 
sufficient to provide a pleasant ‘sound’ even when speaker with one’s head between the panels. 

Looking at the acoustic parameter results, this setup can fulfill ‘Step 2’ from the German guidelines 
but still only ‘Class D’ from the Finnish guidelines regarding speech levels. Class C, B and A 
distraction distance is achieved with 35, 40 and 45 dBA background noise level respectively. With a 
D2,S of 6.2 dB, the lowest requirement of the French guidelines of D2,S ≥ 7 dB is still not met, while 
with a Dn of 5.9 dB the French guideline of Dn ≥ 6 dB is almost met which corresponds with results 
in figure 1 from reference 13. 

4.4 V4 Adding a free standing barrier 
 Looking at the speech level and STI as a function of distance, a clear zig-zag shape can be 

observed in variation v3. It is clear that the position directly behind a screen benefit most from it. 
Therefore, the next logical step is to introduce free standing barriers between groups of workstations, 
see figure 1 right (note that the absorption shown on the side panels is not necessary). However, the 
first experiment with a reflective barrier showed a worsening of acoustic conditions. Sound is being 
reflected back to the source, arriving at work stations in front of the barrier. It is clear that the barrier 
has to be sound absorbing to take away this effect, as well as the back wall behind the loudspeaker. 

A significant speech level reduction was achieved by adding the barriers. However, the rate of 
speech level decay over distance hardly changed. As a result D2,S increased slightly from 6.2 dB to 
6.8 dB. It was found that sound travelling via the horizontal path along the side panels and barriers is 
limiting the decay rate. When the barriers are extended to the internal wall, a D2,S of 8.2 dB is achieved 
from the measurement line next to this wall. 

With the measured results close to the wall, including the barrier to wall extension, the German 
‘Step 1’ is achieved. A next quality level is reached for the Finnish guidelines with ‘Class C’ for 
speech level parameters and the French requirement for D2,S > 7 dB is met. For the distraction distance, 
the highest Finnish quality level ‘Class A’ is achieved for nearly all background noise levels. 

No attempts were made to further improve the setup because this was not considered being realistic. 
It should be noted that it is common to have 30 cm more space between the barrier and the work 
station, which might have a (small) negative effect on the measurement results.   
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5. DISCUSSION AND CONCLUSION 
The results from this research show that it is possible to design acoustic solutions that can fulfill 

the German guidelines regarding speech level and the Finnish guidelines regarding distraction 
distance. In an office with the German ‘Step 1’ quality, it seems that the distraction distance is low 
enough to nearly meet rD ≤ 5 m (‘Class A’ Finnish guidelines) under all background noise conditions 
35-45 dBA. With a ‘Step 2’ or ‘Step 3’ quality, this ‘Class A’ distraction distance is only achieved 
with a higher background level up to 45 dBA. 

The highest Finnish and French guidelines for the speech level parameter D2,S have not been 
reached (≥ 9 dB). It is questionable whether this is possible in realistic scenarios that fit the typical 
architecture of (Dutch) open plan offices. Besides, such high D2,S has proven to be unnecessary 
because a low distraction distance can already be achieved with D2,S ≤ 8 dB even in a quiet office. 

Looking at the pictures in figure 1, it is clear that the acoustic solutions have a big impact on the 
design and cost of the open plan office. Depending on the type of work and the type of office, careful 
selection of criteria is needed to match users’ needs and expectations.  
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ABSTRACT
This paper investigates variability in the key ISO 3382-3:2012 metrics based on two types of repeated 
measurements in open-plan offices – Type1, where the same path over workstations was measured from 
opposite ends, and Type2, where two different measurement paths were measured. Per metric, analyses 
performed used (i) the range of observed values; and (ii) the observed values. Results from category (i) 
analysis: Type1, and 95% confidence intervals were 1.2 m(0.9,1.5) for rD; 0.8 dB(0.6,1.0) for D2,S; 1.2 
dB(0.8,1.5) for Lp,A,S,4 m; and 1.2 dB(0.7,1.7) for Lp,A,B. Type2 were between twice and thrice the respective 
values of Type1. Results from category (ii) analysis: the reliability, based on intra-measurement correlation 
coefficient, was fairly high for all metrics, except for Lp,A,S,4 m for Type2 repeats. The repeatability
limit/coefficient (r) was 2.5 m for rD; 1.7 dB for D2,S; 2.9 dB for Lp,A,S,4 m; and 3.0 dB for Lp,B, for Type1 
repeats. The r values for Type2 repeats were substantially higher except for D2,S. Overall, most of the Type1 
results seem reasonable considering repeats were conducted in complicated room acoustic environments, 
while Type2 repeats needs larger sample sizes in future studies. Some recommendations are outlined for ISO 
3382-3 vis-à-vis Type1 and Type2 repeats.

Keywords: Office acoustics, Measurement uncertainty

1. INTRODUCTION
ISO 3382-3:2012 (2) is the main international standard for measuring the room acoustics for 

open-plan offices. The metrics within the standard include those that are based on speech sound 
pressure level (SPLSpeech) – the spatial decay rate of speech per distance doubling (D2,S), A-weighted 
SPL of speech at a distance of 4 m (Lp,A,S,4,m); those based on spatial decay of the speech transmission 
index (STI) – distraction distance (rD), privacy distance (rP), and STI at the nearest workstation; along 
with the A-weighted background noise level (Lp,A,B). Apart from Lp,A,B, the salient feature of these 
metrics is that they characterize aspects of the spatial decay of speech over workstations within an 
office. These metrics are calculated from room acoustic measurements over a more-or-less linear path
comprising a set of measurement positions near workstations. ISO 3382-3 requires at least two 
measurement paths per office. If only one measurement path is possible, then two measurements per 
path are to be conducted with the source loudspeaker positioned on the opposite ends of the path (2).
This study considers the variability of the key ISO 3382-3 metrics – Lp,A,B, D2,S, Lp,A,S,4,m and rD – due 
to repeated measurements in the same office (i) with two paths that traverse the same set of 
workstations, but using the source loudspeaker on the opposite ends of the path per measurement, and 
(ii) with different measurement paths (see section 2.3 for details).

2. METHODS

2.1 Room acoustic measurements
Acoustic measurements were made according to ISO 3382-3 (2) in 27 furnished, unoccupied 

1This research has previously been published in more detail as (1). Reprint of the copyrighted material for 
this conference has been cleared by Elsevier under the license number 4596981407529 on May 27, 2019.
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offices in 8 buildings with fully operational heating, ventilation, and air conditioning. These offices 
are either non-contiguous units within a larger floor plate, or single units that cover the entire floor.

The software used to generate, play, record, and analyze the signals was AARAE, which is a 
MATLAB-hosted GUI-driven environment (3). The measurement signal used was an exponentially 
swept sinusoid (50 Hz - 20 kHz) of 30 s duration. The signal chain for the measurements included a
computer running AARAE, an audio interface (RME Fireface UFX, Haimhausen, Germany), an 
amplifier (Brüel & Kjær Power Amplifier Type 2716-C, Nærum, Denmark), an omnidirectional 
loudspeaker (Brüel & Kjær OmniSource Type 4295) with a known sound power output that was 
calculated using ISO 3745 (4), omnidirectional microphones (Earthworks M30, Milford, USA), and a
preamplifier unit (RME OctaMic XTC). For each path, the measurement signal from the source 
loudspeaker was recorded using between 5-8 microphones simultaneously, where the microphones 
were located at receiver positions near workstations, as described in ISO 3382-3 (2). The number of 
microphones used within a given office was always the same – determined by the floor plate of the 
office measured – whereas the number of microphones used between offices varied. Background noise 
measurements were made at each microphone position for at least 60 s.

Overall, the measured offices included a reasonably wide variation in several relevant aspects, such 
as the floor plate geometries (rectangular to curved on one or more sides), absorption profile (carpeted, 
timber, concrete) and areas (53-719 m2); the partitions between workstations (cubicle designs, single, 
double, or no partitions); ceiling heights and shapes (most being flat and measuring 2.7-2.8 m, and 5
vaulted ceilings of heights between 4.1-7.6 m to their apex), and absorption profile (absorptive, hard 
ceiling, or a combination of the two), density of workstations on the floor (4-24 workstations per 100 
m2), etc. More details are presented in Table 1 in (1)

2.2 Calculation of the ISO 3382-3 metrics
The sinusoidal sweep recordings from microphones per measurement path were used to derive the 

SPLSpeech metrics, i.e., D2,S and Lp,A,S,4,m. Modulation transfer functions (MTFs) used for calculating 
STI, and subsequently rD, used the male octave-band weights and redundancy factors [8]. Lp,A,B was 
calculated as described in ISO 3382-3, from octave-band SPLs that represented spatially averaged 
values for the microphones along a measurement path (2). In order to avoid potential problems with 
extrapolation, rD values were considered acceptable if they were within the range of the measured 
physical distances extended by 10% on either end (5). Otherwise, in order to use the remaining offices, 
the background noise was adjusted, with the same gain applied in all bands to all measurement lines in 
a given office, as described in (5). While not an ISO 3382-3 metric, in order to further characterize the 
offices, spatially averaged and mid-frequency (average of 500 Hz and 1kHz octave-band values) 
reverberation times (T30) were calculated from the impulse responses (12th order filters).

2.3 Repeated measurements in offices
Variability within the ISO 3382-3 metrics was considered for two types of repeated measurements:
(i) Type1, where two measurements per path were conducted. Here, after conducting one 

measurement with the loudspeaker on one end of the path, the other measurement was conducted either 
by placing the loudspeaker on the opposite end, or by swapping the positions of the last microphone 
and the loudspeaker from the previous measurement. All the paths in the 27 offices were measured 
using Type1 repeated measurements, with 36 paths measured in total (Table 1).

(ii) Type2, where two measurement paths were measured within the same office (i.e., the same 
acoustic zone). Type2 repeated measurements were only possible in a small subset of all offices 
measured (7 in total; Table 1): these being the offices for which the allocated access times permitted 
several repeated measurements. The idea here was to determine the variation in the ISO 3382-3
metrics (2) over two paths that can be considered as likely options to characterize the office overall. 
These measurement paths included those that were on an adjacent row of workstations relative to the 
first path, or more-or-less linear paths that were at a small angle to the length of the office, or the main 
measurement axis.

2.4 Measurement conditions
All the measurements were supervised and conducted by the first author, with assistance from 

others. Per office, the repeatability conditions included measurements conducted by the same operator 
over a short time period, using the same method, and the same apparatus. Hence, given the constraints 
of the definition of an ‘office’ (see sections 1, 2.1), the guidelines in ISO 5725 1-6 (6), especially 
regarding repeatability conditions, were followed as closely as possible.
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2.5 Statistical analyses
All the analyses were done within the software R [11], using the packages tidyverse (data 

management and plots) [12], boot [13], robustbase [14], and robustlmm [15]. Robust statistical 
methods were used throughout to reduce the influence of outliers, which included robust linear 
regression, and mixed-effects models; and using bootstrapping for calculating confidence intervals 
(CIs). In the following, wherever the use of bootstrapping is indicated, 105 bootstrap resamples (each 
resample the size of the original data, and resampling with replacement) were generated, using the 
function boot, and the percentile CIs [18] calculated using the function boot.ci are reported; both 
functions are from the package boot [13]. Broadly speaking, analyses were performed on the 
difference between the largest and smallest observed values – the range – per metric, per Type1 and 
Type2 repeated measurement, which are referred to as Type1 and Type2, respectively (section 
2.5.1); and on the observed values of the metrics (section 2.5.2).
2.5.1 Analysis using Type1 and Type2

The summary statistics included the mean and bootstrapped CIs (68% and 95%) of Type1 and 
Type2, where the mean values were calculated as,

Type1 = 136 Type1 (1)

Type2  = 17 Type2  (2)

where i and j are the path, and office indices, respectively. Furthermore, for each metric, each 
Type1 and Type2 values were compared against the means (Type1 , Type2 ) of their respective 

underlying observed values; the latter being indicative of the magnitude of the metric for the i-th, and 
j-th index, respectively. These comparisons were made using the corresponding effect sizes for robust 
linear regression, i.e. R2 values (referred to as mean in the following) and its 95% CI; and the 
significance (using 95% CIs) of the regression slopes, calculated using the lmrob function in the 
robustbase package (7). Also, to determine the mutual relationship between the metrics for their 
respective Type1 and Type2 values, Kendall’s correlation coefficients, along with bootstrapped 
95% CIs were used.
2.5.2 Analysis using observed values of metrics 

An important consideration for repeated measurements is reliability, which can be quantified using 
the intra-measurement correlation coefficient (ICC; generally known as intra-class correlation 
coefficient) (8) for both Type1 and Type2 repeated measurements, using the following equation:ICC = ( )B) + ( ) (3)

The ICC (value between 0 and 1, presented alongside its 95% CI in the current study) in equation 3 
quantifies reliability as the relationship between the magnitude of the measurement error in the 
observed values per metric (i.e., within-measurement variance, ), and the inherent variability in the 
‘error-free’, or ‘true’ observed values of the repeated measurements per metric (i.e., 
between-measurement variance, ). The idea is that if the reliability is high (i.e., high ICC), then the 
measurement errors are small in comparison to the true underlying variability between repeated 
measurements. Conversely, if the reliability is low (i.e., low ICC), measurements are error-prone, and 
the variability between repeated measurements could be predominantly due to the large underlying 
measurement errors, rather than due to actual variability between observed values. The measurement
reliability was classified according to common criteria (9) as excellent (ICC > 0.75), fair to good 
(ICC = 0.40–0.75) and poor (ICC In equation 3, and  were calculated by fitting a 
robust mixed-effects model per metric, using the rlmer function from the robustlmm package (10).
Each robust mixed-effects model, where the robustness corresponds to minimizing the contribution of 
outlying values (10), comprised of the fixed-effect of the respective metric (e.g., rD), and the 
random-effects due to the repeated measurements in the offices. 

To express the repeatability, several values could be provided, which are nevertheless dependent on 
the measurement error, i.e., within-measurement variability (8). These values include , × ,
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where k is the number of repeated measurements made per path/office ((6), part 6) , and the 
repeatability coefficient (or, limit) r. The repeatability coefficient is calculated as:=  × ×                           (4)

The term f in equation 4 depends on the probability level to be associated, and on the underlying
probability distribution (6). For an assumed normal distribution, and a probability level of 95%, the 
value of f is 1.96. Hence, for k = 2, the repeatability coefficient becomes = 2.8 , and the calculated 
value represents the upper limit within which 95% of the future differences between the Type1 
repeated measurements are expected to occur. Similarly, for Type2 measurements, k = 4, and =3.6 ((6), part 6).

Table 1: Calculated ISO 3382-3 metrics and reverberation times for the all paths, where Type2 
repeated measurements are highlighted in bold. The subscripts for the ISO 3382-3 metrics denote the 
index of the repeated measurement. The symbols ‘*’ and ‘#’ identify ‘poor (or insufficient’) and ‘good’
values respectively based on the criteria in Annex A (informative) of ISO 3382-3 (2).

Building (Office.Path) T30,mid (s) Lp,A,B (dB) rD(1) (m) rD(2) (m) D2,S(1) D2,S(2) Lp,A,S,4 m(1) (dB) Lp,A,S,4 m(2) (dB)

A (1.1) 0.7 40.0 12.9* 13.9* 5.1 4.4* 53.4* 54.0*

A (2.2) 0.7 37.0 16.5* 17.6* 4.8* 2.6* 51.3* 51.4*

B (3.3) 0.4 45.0 9.4 9.7 6.2 5.0 48.3 46.5

B (4.4) 0.4 45.0 9.9 6.9 5.0 5.8 49.1 46.4#

B (5.5) 0.4 45.0 12.2* 8.9 4.3* 5.8 48.8 46.7#

C (6.6) 1.2 41.0 9.2 7.0 3.7* 3.7* 51.7* 50.9*

D (7.7) 0.7 41.0 8.3 9.2 4.8* 5.4 47.5# 48.0#

D (8.8) 0.6 38.0 11.9* 11.0* 5.1 5.5 46.0# 46.2#

E (9.8) 0.5 46.0 7.0 7.7 4.0* 4.8* 53.8* 54.2*

E (10.10) 0.7 40.0 12.1* 9.7 5.0 4.1* 54.4* 51.6*

E (11.11) 0.6 43.0 10.3* 11.6* 4.2* 4.0* 53.2* 54.8*

F (12.12) 0.5 38.0 11.5* 11.0* 5.8 5.2 51.8* 50.3*

F (13.13) 0.5 44.0 8.7 7.9 5.0 5.4 49.0 49.2

F (14.14) 0.5 47.0 9.3 8.5 3.7* 3.0* 53.3* 53.0*

F (15.15) 0.4 54.0 8.7 9.4 3.6* 2.7* 56.0* 55.2*

F (16.16) 0.5 46.0 10.7* 9.1 5.5 3.8* 52.4* 49.0

F (17.17) 0.4 46.0 9.0 9.0 6.2 7.0# 50.7* 51.7*

G (18.18) 0.4 42.0 8.4 8.5 4.6* 4.6* 52.0* 52.4*

G (18.19) 0.4 42.0 8.5 7.6 4.0* 4.5* 52.2* 51.8*

G (18.20) 0.4 42.0 8.7 10.5* 4.7* 5.8 52.3* 54.3*

G (19.21) 0.4 48.0 6.8 6.4 4.8* 3.8* 52.7* 52.8*

G (20.22) 0.4 45.0 8.0 8.0 6.2 5.6 55.1* 53.3*

G (21.23) 0.4 44.0 7.1 6.9 4.9* 5.0 53.7* 53.6*

G (21.24) 0.4 44.0 5.1 7.3 4.3* 4.1* 52.6* 53.9*

G (21.25) 0.4 44.0 7.6 8.2 4.0* 3.1* 52.4* 53.4*

G (22.26) 0.4 44.0 11.8* 10.2* 5.7 5.4 53.8* 53.4*

G (22.27) 0.4 44.0 9.6 10.1* 4.8* 7.1# 51.4* 55.6*

G (23.28) 0.3 40.0 12.2* 11.5* 6.6 6.3 52.7* 52.3*

G (23.29) 0.3 40.0 13.1* 14.2* 5.3 5.8 51.1* 52.4*

G (24.30) 0.4 38.0 10.6* 10.3* 6.6 6.0 52.9* 52.8*

G (24.31) 0.4 38.0 11.4* 12.3* 6.4 5.4 52.9* 52.3*

H (25.32) 0.4 45.0 7.7 8.7 5.4 6.5 50.5* 52.4*

H (26.33) 0.4 40.0 11.5* 12.0* 8.7# 8.3 52.8* 52.3*

H (26.34) 0.4 40.0 8.8 9.7 6.9 6.9 47.3# 47.9#

H (27.35) 0.3 35.0 13.7* 12.0* 8.4# 7.3# 52.4* 48.7

H (27.36) 0.3 35.0 8.9 9.7 7.0# 7.0# 54.1* 53.9*
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3. RESULTS AND DISCUSSION

3.1 Acoustic summary of the repeated measurements in offices
The calculated acoustic metrics are presented in Table 1, where each row contains a path with a

Type1 repeated measurement, with Type2 repeated measurements in seven offices (18, 21, 22, 23, 24, 
26, 27; Table 1). The current research (also published as (1)) presents the largest collection of 
paths/offices measured using the ISO 3382-3 method (Cabrera et al. (5) reported a subset of the current 
results), and is the first one that reports on more than one Type2 repeated measurements (Haapakangas 
et al. (11) reported results from repeated measurements in a single office described in Hongisto et al. 
(12)). The R2 values for the linear regressions used to derive rD and D2,S (2) were fairly high: 0.94±0.05, 
range: 0.75-1.00 ; and 0.95±0.04, range: 0.85-1.00, respectively. As seen in Table 1, not many 
paths/offices measured are indicated to have ‘good’ acoustic conditions as per the calculated values of 
the metrics, including none for rD, whereas plenty had ‘poor’ or ‘insufficient’ acoustic conditions (2).

3.2 Variability in Type1 and Type2
Table 2: Results for analyses on Type1 and Type2 values, as described in section 2.5.1. 

Type of repeated 

measurement

Metric Type1 or 2, bootstrapped 95%, and 

68% Cis

~mean, associated slope, and respective 95% 

bootstrapped CIs

Type1 (n = 36, except 

for Lp,A,B , where n =

13)

rD (m) 1.17 (0.88,1.51), (1.02,1.33) <10-2 (10-5,0.15), 0.15 (-0.35,0.83)

D2,S (dB) 0.78 (0.59,0.98), (0.68,0.88) 0.11 (10-2,0.35), -0.38 (-0.70,0.01)  

Lp,A,S,4 m (dB) 1.16 (0.82,1.53), (0.98,1.34) 0.15 (10-2,0.40), -0.40 (-0.89,0.03)

Lp,A,B (dB) 1.20 (0.72,1.73), (0.92,1.44) 0.21 (10-3,0.72), -2.13 (-3.97,1.05)

Type2 (n = 7) rD (m) 2.57 (1.79,3.42), (2.15,2.99) 0.21 (10-3,0.72), 0.83 (-0.12,2.69)

D2,S (dB) 1.36 (0.98,1.77), (1.16, 1.57) 0.50 (10-4,0.95), 1.60 (-0.95,3.48)

Lp,A,S,4 m (dB) 2.74 (1.33,4.27), (1.97, 3.49) 0.28 (10-4,0.71), -0.24 (-0.69,0.29)

3.2.1 Type1 results

Figure 1: Type1 for each path in Table 1, plotted against the office floor area, where the offices 
are grouped according to their workstation densities.

All the ~mean values in Table 2, except for rD, indicate some correlation between the Type1
values (i.e., difference per i-th path, per metric, in Table 2), and the corresponding Type1 values
(i.e., mean per i-th path, per metric in Table 1). However, the 95% CIs of their respective slopes 
crossed zero, i.e., are non-significant. In other words, overall, Type1 values did not vary significantly
with the magnitude of the metric. With that in mind, the Type1 values (equation 1), which are based 
on measurements conducted with the loudspeaker on either end of the same path are fairly large,
especially for both the SPLSpeech metrics (D2,S  and Lp,A,S,4 m), and Lp,A,B (Table 2). However, the large 

Type1 value for Lp,A,B is perhaps less reliable due to the small sample size (n = 13). Hence, the effect 
of Lp,A,B on rD is not attempted here; moreover, Type1 for rD is arguably not that large (~1.2 m, Table 
2).

Furthermore, while there are no obvious global trends as seen in Figure 1, several paths had a large 
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Type1 value for Lp,A,S,4 m, and to an extent D2,S, which implies that the direction of the measurement 
along a path is likely to be important in some cases, and needs to be judiciously considered during a 
measurement. In terms of mutual correlations between metrics for their respective Type1 values: rD

was not significantly correlated to either D2,S ( = 0.07; ( 0.19, 0.30)), or to Lp,A,S,4 m ( =0.2; ( 0.02, 0.46)); however, D2,S was significantly correlated to Lp,A,S,4 m ( = 0.32; (0.03, 0.54)).
The latter, although not surprising given the underlying overlap in the calculation of the SPLSpeech
metrics, is nonetheless noteworthy, and can be expressed as the following robust linear model:,S( Type1) = 0.33 + 0.31 × p,A,S,4 m( Type1)  (5)

The R2 = 0.46, 95% CI: (0.16,0.79) for equation 5, and the 95% CIs for the intercept and slope are 
(0.12,0.50) and (0.16,0.47), respectively. Overall, it can be surmised that the SPLSpeech based 
parameters seem more susceptible to a wide variation per Type1 repeats, and any averaging of these 
values must be done with caution. 
3.2.2 Type2 results

Figure 2: The relationship between the Type1 and Type2 for the offices where both these types 
of measurements were performed (see Table 1 and 2 for details about office and path numbers). The 
points plotted depict the path numbers, with the dashed line depicting the line with slope of 1 and 

intercept of 0.

Due to the small sample size for Type2 (n = 7), the corresponding results in Table 2 are at best 
considered preliminary/exploratory at this stage, and are not discussed here (although they are 
discussed briefly in (1)). Nevertheless, as surmised in (1) and seen in Figure 2, there are several high 
values of Type1 and Type2 in the current dataset. Given the plethora of variations in office 
topologies and the associated room acoustics variations, ISO 3382-3 perhaps needs to be very specific 
in what would constitute a repeated measurement that is not a Type1 repeat. Furthermore, there might 
need to be a threshold for tolerance of Type2 and perhaps also Type1, beyond which measurements 
cannot be used to characterize an office. Determining just-noticeable differences, especially for rD,
might also be beneficial.

As an aside, a comment can be made about the ISO 3382-3 requirement of keeping the loudspeaker 
and measurement positions at least 2 m away from large reflective surfaces (2). This requirement, 
which is of course important from a wave theoretical perspective, limits the use of ISO 3382-3 method 
to mostly medium- to large-sized offices. The current finding of large Type2 (and the underlying 

Type1) values provides a practice-based evidence in favour of ‘2 m rule’, which would otherwise be 
a confounding factor in critically assessing results related to the ISO 3382-3 method in the current, and 
in future studies.

3.3 Variability in the observed Type1 and Type2 values
Based on the discussion in section 3.2, where it was shown that the findings about Type2 repeated 

measurements are at best exploratory, and require future studies, the focus in this section will be on 
Type1 repeated measurements that have larger sample size.
3.3.1 Reliability

ICC values above 0.8 are generally considered between excellent (9) in terms of reliability, which
is applicable to all the metrics and both Types 1 and 2, as seen in Table 3, except for Lp,A,S,4 m for 
Type2 repeats, which had low ICC, and hence, poor reliability (also non-significant). The latter 

2450



provides another perspective on the large Type2 values, as discussed in section 3.2.2, and reinforces 
the need to further investigate, and define the scope of Type2 repeated measurements. Also note that 
the Lp,A,B ICC results are based on thirteen samples, which can be considered a small sample from a 
statistical perspective. Overall, the high reliability of the ISO 3382-3 metrics implies that the current 
findings are primarily addressing the true variability between the underlying values, with acceptable 
measurement errors – providing support for the critical assessment of the ISO 3382-3 measurement 
method in the current, and similar studies in the future.

Table 3: Some reliability (intra-measurement correlation coefficient: ICC) and repeatability 
metrics (within-measurement standard deviation: ; and repeatability limit/coefficient: r) for both 

Type1 and Type2 repeated measurements.
Type1 (n = 36, except for Lp,A,B , where n = 13)

Metric ICC (95% CI) r

rD (m) 0.87 (0.77,0.93) 0.90 2.5

D2,S (dB) 0.85 (0.73,0.92) 0.61 1.7

Lp,A,S,4 m (dB) 0.82 (0.68,0.90) 1.04 2.9

Lp,A,B (dB) 0.97 (0.91, 0.99) 1.01 3.0

Type2 (n = 7)

rD (m) 0.80 (0.55,0.95) 1.15 4.5

D2,S (dB) 0.82 (0.56,0.96) 0.44 1.7

Lp,A,S,4 m (dB) 0.21 (-0.1, 0.71) 1.62 6.3

3.3.2 Repeatability
Table 3, columns three and four, provide the relevant repeatability metrics. In general, the standard 

deviations reported here do not seem unreasonably large, especially for rD. The only previous data in 
this regard was provided by Haapakangas et al. (11), where the variability, expressed as the 68% 
confidence interval in the ISO 3382-3 metrics, was estimated as ±1 dB for D2,S, ±1.5 dB for Lp,A,S,4,m,
±1.5 m for rD, and ±1 dB Lp,A,B. These variability estimates were based on unpublished data about 
repeated measurements within a single open-plan office (described in Hongisto et al. (12)), which is 
similar in principle to the current Type2 repeats, although there is likely to be a difference in the 
respective methods (i.e., current and in Hongisto et. al. (12)), including the number of repeats. Besides 
including two types of repeated measurements, the current research includes measurements within
several offices, which allows providing variability estimates that are generalizable to a wider range of 
offices. Nevertheless, compared to Haapakangas et al. (11), the standard deviations in the current study 
( in Table 3) were smaller for D2,S (for both Type1 and Type2 repeats), for Lp,A,S,4,m (for Type1
repeats; Type2 unreliable), and for rD (for both Type1 and Type2 repeats); and was almost the same for 
Lp,A,B (for Type1 repeats). 

The repeatability coefficient/limit (r) per metric provides a more exhaustive, and moreover, 
standardized account of the variability within repeated measurements (section 2.5.2). As seen from r
values in Table 3, for 95% of the instances of Type1 repeats – for measurements by the same observer
using the current method, on the same path measured with loudspeakers on either end – the Type1 for 
Lp,A,S,4 m is unlikely to be more than ~3 dB. Similar assessments can be made for the other metrics for 
Type1 repeats, whereas the r values for Type2 repeats are fairly large, and are not recommended for 
any use other than informing future research in more offices, and with, moreover, a clearly-defined 
(perhaps standardized in ISO 3382-3) nature of Type2 repeated measurements. 

Overall, the practical implications of the standard deviations, and repeatability limit/coefficients 
reported here, and whether an appraisal from a theoretical/methodological perspective is required, are 
open questions.  

4. CONCLUSIONS
The current findings represent a substantial step towards quantifying the variability of the ISO 

3382-3 metrics in open-plan offices under repeatability conditions. The summary statistics, and 
repeatability values reported here may be considered reasonable for the most part, especially for rD;
the variability of the SPLSpeech metrics may need to be considered further from a practical perspective.
In this regard, the excellent reliability values reported here imply that future investigations with 
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repeated measurements are more likely to be studying the ‘true’ variability between ISO 3382-3
metrics in offices, with acceptable measurement error. 

For the Type1 repeats, the results here provide reinforcement for the ISO 3382-3 requirement of at 
least measuring a path from two opposite direction, if it is the only path being measured. Moreover, we
highly recommended that all paths be measured from both ends. For exceptionally large Type1
values, it would be apt to flag such cases while reporting/using the results, and ISO 3382-3 may benefit 
from amendments to its reporting format (Figure 3/Table 2 in (2)) to highlight such cases, and perhaps 
more crucially, include instructions/comments on the relevance and potential remedies to large 

Type1 from a practitioner’s perspective. The practical applicability of Type2 results is currently 
limited due to small sample size in this paper. However, the results here suggest potential updates to 
the ISO 3382-3 methodology regarding latent issues in Type2, e.g., clarity in its specification, etc. 

Ultimately, more work is needed to further strengthen ISO 3382-3 in relation to measurement
repeatability (from current and future findings based on (6)), other aspects of variability in repeated 
measurements including reproducibility (based on (6)), and perhaps even uncertainty at various stages 
in the methodology (based on (13), similar to (14)).
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Abstract
In the area of workplace design, both the technical requirements of the workplace and inter-personal concerns of
the employees are of decisive importance in order to establish a suitable working environment. Often conflicts
of interest arise due to the antagonism between disturbing noise and desired speech intelligibility. An employee
who has to concentrate a lot at his/her workplace can be distracted both by disturbing background noises (air
conditioning, fans, aggregates etc.) caused by low sound absorption as well as disturbing high speech intelli-
gibility of background conversations. When assessing such situations, the speech transmission index (STI) is
an important parameter. Influenced by the reverberation time and the signal-to-noise ratio, calculating the STI
is a powerful tool for assessing demanding work environments. The present work deals with the determination
of an STI mapping on the basis of numerical simulations using ray tracing methods as well as calculations of
the sound energy density distribution in room acoustics. The experimentally validated models can be used to
optimize the workplace configuration to meet technical requirements as well as social concerns of employees.
Keywords: STI mapping, work environment, numerical and experimental test

1 INTRODUCTION
Computer-aided simulation models are used as a basis for the numerical evaluation of a working environment.
The benefits of these models lie in the virtual analysis of the room acoustic specifications of the respective
open-plan offices without having to resort to cost-intensive testings or structural measures without knowing the
final performance. Within the simulation models, these measures can be realized, tested and their performance
in relation to the desired criteria can be evaluated. This procedure makes it possible to analyze and optimize
a large number of both structural measures and possible seat configurations before they are implemented or
available in real operation.
Fundamentally, it must be said that the engineering field of room acoustics is primarily satisfied with variables
such as background sound pressure level (background noise) and reverberation time (measure of reverberation
in the room). These two parameters are not sufficient for the demands of a complex workplace design, since an
evaluation of speech intelligibility and the associated potential distractions of the employees remain unnoticed.
Consequently, the models are extended so that the evaluation of speech intelligibility can be addressed within
the numerical environment[1, 2, 9, 11, 12, 13, 14, 16].

2 SIMULATION
The general procedure for the creation and application of such simulation models is described as follows. In
order to obtain a basic overview, all documents, i.e. architectural plans of the rooms as well as the furnishings
and the materials used, are first analyzed and studied. The first project-specific peculiarities arise here, which
must be taken into account in the model. In addition to the geometric dimensions, which define the basic struc-
ture of the model, these include possibilities to scale and flexibly set up the model.
Based on the analyzed plans, first 3D models are created with which preliminary investigations regarding the
expected room acoustic parameters are carried out. Figure 1 shows the developed simulation model of a work-
station configuration in a workplace environment of a major European air navigation service provider.
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Figure 1. Simulation model of a workplace environment

2.1 STI calculation
The Speech-Transmission-Index (STI) is standardized and defined in DIN EN 60268-16 and is based on the
investigations of Houtgast and Steeneken[1, 14]. For the calculation of the STI it is necessary to determine
the modulation transfer function between transmitter and receiver with a total of 14 modulation frequencies
from f̃1 = 0.63Hz to f̃14 = 12.5Hz in the octave spectrum between 125Hz ≤ f ≤ 8000Hz. The resulting 14x7
matrix of the modulation transfer values m(k, f̃n) can be calculated based on experiments as well as simulations.
Assuming a diffuse sound field with an exponential decrease of the sound energy of the reverberation, the
calculation m(k, f̃n) can be simplified. The result is

m(k, f̃n) =
1√

1+
(

2π f̃nTk
13.8

)2
· 1

1+10(SNRk/10) . (1)

The parameters in equation (1) are the modulation frequency f̃n, the reverberation time Tk and the signal-to-
noise ratio SNRk for the respective octave band k. In order to derive the speech intelligibility index, additional
weighting factors and the consideration of different auditorical effects such as the hearing occlusion are ac-
counted for. For a detailed description see DIN EN 60268-16 [1]. The resulting STI values range between
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zero and one, are location and room specific and contain information about the background noise level. This
makes it possible to derive an optimal seating configurations based on the speech intelligibility to be expected
or measured.

2.2 Determination of reverberation time Tk

Different models exist in room acoustics to estimate the reverberation time. The most widespread formulas are
derived by Sabine or Eyring-Norris[5, 19]. However, these derivations are subject to special requirements or
simplifications. If the models for estimating the reverberation time are not applicable, numerical simulations can
be used. In the present case, the reverberation time was first estimated with the empirical formulas according
to Sabine and Eyring-Norris and further verified utilizing the software tool Comsol Multiphysics[7]. Here the
Ray-Tracing method was used, which is well known in the literature[4, 7, 15, 20, 21].

2.3 Determination of the signal-to-noise ratio SNRk

To determine the signal-to-noise ratio of the respective speaker positions, all sound sources, i.e. speech spectra
of persons in the room, cf. Byrne[6], air conditioners, computer sounds, etc. were integrated into the model and
evaluated using the acoustic diffusion equation in the room[7, 10, 18]. Comsol Multiphysics was also available
for this purpose.
Two simulations were carried out for each speaker configuration to determine the sound pressure level distribu-
tion throughout the room - once as a result of the speaker source and once as a result of all other sources in
the room.

3 MEASUREMENTS
In order to be able to compare the simulation models and test their validity, extensive experimental investigations
were carried out. In addition to the identification of the workplace noise sources (computer, fan, mobile table)
and the air conditioning system as an acoustic source, measurements of the reverberation time at different
positions where conducted. The results were used to correct the absorption coefficients of the acoustically
effective surfaces and thus link the numerical model to the real system behavior of the room. This way, the
quality of the simulation results could be verified.
Further, the STI was measured. Extensive measurement technology from Brüel & Kiær was available for the
investigations. The following list is a compilation of hardware and software used.

• Sound level meter Type 2270

• Omnidirectional sound source Type 4292-L

• Calibration instrument Type 4231

• Microphone Type 4231

• Echo Speech Source Type 4720

• Software Type BZ5503

• Software Dirac6

4 RESULTS
In order to deliver reliable results, a model comparison with the aid of experimental investigations is required.
Figure 2 shows the comparison of the numerically calculated reverberation times according to Sabine and
Eyring-Norris and the measured reverberation times. There is a satisfactory agreement between the results of
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Figure 2. Comparison of the reverberation time of simulation and experiment

the simulation and the experiment. Furthermore, the calculation of the STI values could also be validated using
experiments. For this purpose, a corresponding test scenario was set up and examined in the simulation model
as well as in the experiment for two different positions. The result of this investigation are shown in Table 1.

Position 1 Position 2

Simulation

Frequency SNR Noise Signal SNR Noise Signal
125 -4.72 28.18 23.46 -5.85 28.37 22.53
250 3.83 39.30 43.12 2.33 39.81 42.14
500 3.95 41.08 45.03 2.42 41.62 44.04

1000 3.49 33.44 36.92 1.97 33.95 35.92
2000 2.29 29.91 32.21 0.90 30.34 31.24
4000 1.42 27.11 28.53 -0.07 27.52 27.45
8000 -1.23 25.95 24.71 -2.84 26.31 23.47
STI 0.52 0.47

Measurements STI 0.55 0.55
Relative Error ε in % 5.45 6.00

Table 1. Comparison of STI values from simulation an experiments for two positions; SNR, Noise and Signal
values in [dB]; Relative error calculated with respect to the measurements

In this table, the relative error is calculated with respect to the measurements utilizing the following equation:

ε =
(STIsim,i −STIexp,i)

2

STI2
exp,i

. (2)

In equation (2), STIsim,i represents the STI values calculated from the simulation and STIexp,i from the experi-
ment at position i, respectively. It can be seen that the results are in good agreement.
To illustrate the performance of the model, the results for a test scenario are presented below. The question
was relevant to what distance employees in the working environment are influenced by other conversations in
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Figure 3. Sound sources in the example scenario; Speech source left, noise sources right

Figure 4. STI mapping of the example scenario; STI color coded left and two discrete values right

the room or whether a possible distraction can occur due to a conversation. Figure 3 shows in the left part the
position of the source of interference from which a potentially disturbing noise in the form of a conversation
emanates. The right half of the picture shows the main sound sources in the room. These include conversations
at the workplaces or in the room and all other acoustic sources emanating from technology as well as the air
conditioning system.
Figure 4 shows the results of the STI mapping, where on the left side the mapping is realized in color grada-
tions and on the right side delimitations are set with an STI of STI = 0.5 and STI = 0.2. These deliminations,
known as Distraction Distance (STI = 0.5) and Privacy Radius (STI = 0.2), provide information to which ex-
tent speech can be used as an information carrier (STI > 0.5), up to which distance it can be considered as a
potential disturbance (0.5 ≤ STI ≤ 0.2) and from which distance (STI < 0.5) speech is lost in the background
noise and thus no longer causes interference[1]. It can be seen that within the working environment a natural
decrease of the STI value with respect to distance is present for this room scenario. Additionally a natural
conversation can be carried out within a group of three workplaces. Beyond this group, conversations will not
disturb other members in the working environment.
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5 CONCLUSION
With the developed and experimentally validated models it is possible to identify room-specific peculiarities
in speech intelligibility at an early stage and, if necessary, to derive and test measures. For this purpose, an
example scenario was identified and examined. Future measures can be derived from the presented results and
the know-how regarding room acoustic factors can be increased.
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Abstract
Acoustical comfort inside open-plan offices is necessary for optimal work performance. In fact, it is well known
that productivity is closely related to the acoustic conditions of the working environment. Noise inside offices
is basically due to two kinds of sources: mechanical sources (HVAC devices, office equipment like printers,
phones, etc.) and human activities (human activity noise). The combined effect of these noise sources may
play a key role in privacy metrics, e.g. the STI and its spatial decay. Therefore some technique is needed to
identify and separate the contribution of each kind of source. The data for the present work are a set of short-Leq
values acquired over long-term sound pressure levels recordings. Noise sources are identified using a two-step
statistical technique: at first the blind Gaussian Mixture Model (GMM) is used to segment the sources, then
each source is classified using a customary statistical analysis. It is shown that the probability distribution of
each source can be identified, conferring a different sound pressure level to each one. In order to investigate the
dynamic behaviour of privacy criteria, these analyses are carried out for each octave band frequency.
Keywords:open plan office, background noise, source separation

1 INTRODUCTION
Acoustic comfort in offices is an important aspect to provide a high level of productivity and quality of work.
Background noise is an important factor influencing privacy in offices and it can be seen as the most important
parameter for the acoustical office design[1]. Colle and Welsh highlighted that distraction in the work place
is not strictly related to the sound pressure level but to the speech intelligibility value [2]. Thus, if the noise
carries information, like the speech from neighbors in the office, there’s a lack of productivity [3]. The speech
intelligibility is defined in IEC 60268-16 [4] by the Speech Transmission Index (STI). It depends on the acous-
tical conditions of the room and the background noise. The calculation of this criterion can be adjusted in
post processing selecting a more specific background noise condition, so the measurement of the latter is very
important. Since noise reduces speech intelligibility of other people’s communications, it can be considered as
a fundamental criterion to improve the work flow. For this reason, the background noise should be neither
too low nor too high [5]. ISO 3382-3 [6] specifies the parameters which describe the acoustical state like the
distraction distance (rD) and the spatial decay rate of speech per distance doubling (D2,S). All these param-
eters are connected to the noise sources, so analyzing them means understanding how the acoustic conditions
influence the comfort. The sound field in an enclosed space is different if it is in the occupied or unoccupied
state so a sound source could have more than one behavior. In addition, in the occupied state there are further
sound sources, i.e. the equipment and the human activities. In the project phase of an open plan office, the
ability to distinguish between sources of a different nature is important to suggest specific interventions. The
background noise (LB) due to HVAC could be controlled by interventions on single devices, whereas the human
activity noise (LS) could be influenced by LB and by the distance from the devices, that contribute to trigger
the Lombard effect [7].
Hodgson et al. [8] suggested a method to measure the background noise into classrooms with a statistical
technique, differentiating the student activity during lecture from the speech level of the speaker. Dehlbæk et
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al. [9] applied this method in order to measure the human activity noise in open-plan offices. Measuring for a
whole working day with a sound level meter, the occupied and unoccupied state of an office can be analyzed.
Basic statistical techniques find out the most common SPLs. Iterative statistical algorithms permit to point
out the sound levels attributable to the various sources in the office. In the present work, noise sources are
identified using a two-step statistical technique: at first the blind Gaussian Mixture Model (GMM) is used to
segment the sources, then each source is classified using a customary statistical analysis. It is shown that the
probability distribution of each source can be identified, conferring a different sound pressure level to each one.
In order to investigate the dynamic behavior of privacy criteria, these analyses are carried out for each octave
band frequency. This newer technique is compared with the standard percentile levels technique to evaluate the
background noise.

2 STATISTICS OF SOUND PRESSURE LEVELS
A statistical analysis of the data collected by a sound level meter, distributes the sound pressure levels basing
on their occurrences. In this way it is possible to highlight the most frequent levels during the work day. If
the frequency (in the statistical sense) of a sound pressure level is high, it means that there is a sound source
working at that level continuously.
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Figure 1. Two statistical methods used in the present work. In figure (a) the continuous line represent the
cumulative distribution of the recorded SPL of a sound level meter. In figure (b) the continuous line represents
the occurrences distribution of the same measurement. The asymmetrical distribution was decomposed in four
Gaussian curves. The mean values of Gaussian curves indicated with * correspond to the sound sources.

Studying the occurrences in each octave band is useful to distinguish the kind of sound source which is op-
erating. Two statistical methods were used for the survey: percentile levels (PL) and Gaussian Mixture Model
(GMM).
Regarding the percentile, it is worth remembering that in statistics, the rank r of a percentile q of N observations
is defined as:

r(q) =
q

100
(N +1) (1)

Consequently, the value of the acoustic percentile level Lq of a certain dataset is equal to the rank r of 100-q.
For a large number of observations, if the occurrence curve is represented by f (x), the value q can be expressed
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as:
q = P(x > Lq) =

∫
∞

r(100−q)
f (x)dx. (2)

Gaussian Mixture Model decomposes the original model data in a sum of gaussian curves. The clusters, repre-
sented by the gaussian curves, and their points are defined via Maximum Likelihood method. With Rstudio [10]
is possible estimate via Expectation - Maximization (EM) [11] iterative algorithm the Maximum Likelihood of
the recorded SPL.
Let X be a set of independent observations, x1, . . . ,xn, drawn from a mixture of Gaussian distributions; the
density f (xi) can be written in the form

f (xi;ψ) =
K

∑
k=1

πk fk(xi;θk) i = 1, . . . ,n, ψ = {θ ,π} (3)

where the fk(xi,θ)s are the Gaussian densities with parameter vector θk = {µk,σ
2
k ;k = 1, . . . ,K} and πk are the

so called mixing proportions, non-negative quantities that sum to one; that is, 0 ≤ πk ≤ 1 (k = 1, . . . ,K) and
∑

K
k=1 πk = 1 [12]. The likelihood function for a mixture model with K univariate Normal components is:

L (ψ|x) =
n

∏
i=1

K

∑
k=1

πk fk(xi|θk) =
n

∏
i=1

K

∑
k=1

πk
1√

2πσ2
e
− (xi−µk)

2

2σ2
k . (4)

Detailed information on the samples collected can then be obtained through statistical analysis. Three successive
steps of analysis are identified: the distribution of the occurrences of the measured SPL, for each octave band
(125 Hz - 4000 Hz), the segmentation of the occurrences in Gaussian curves as possible sources constituting the
background noise and finally the identification of human (LS) and mechanical (LB) contribution (figure 2).

3 METHOD
A small open-plan office, with four workplaces, was used as case study in this preliminary study (figure 5).
Sound pressure levels were recorded for an entire work day with a sound level meter with 0.1 seconds of
sample time for acquisition. The sample population was hypothesized large enough to identify Gaussian curves.
For the GMM method the algorithm was set as "random", which means that the number of the Gaussian curves
was calculated automatically in order to optimize the fit. The number of Gaussian curves obtained and the
corresponding standard deviation were extracted. The standard deviation (s.d.) permits to identify the nature
of the source: if the s.d. is low (say < 5 dB) it belongs to a mechanical sources, if it is greater (≥ 5 dB) it
belongs to human activities. In this study a s.d. value of 5 dB is considered the threshold to discern the type
of source according to the literature [13, 14, 15]. Afterwards, the sound pressure levels of the office have been
calculated using the diffuse field formula:

LP,S,i = LW,S,i +10log
4
A
−11 (5)

where LW,S is the sound power level of (normal) speech as the ISO 3382-2 [6] suggests, A is the equivalent
absorbent area of the room and i = (1, ...,6) represent the range of octave band from 125 Hz to 4000 Hz. To
verify the tendency of the sound pressure levels of the human activity noise, the measured values have been
compared with the calculated ones. Leq and the percentile level L90 were extracted as the standard procedures
require. This analysis was conducted for each octave band from 125 Hz to 4000 Hz.
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Figure 2. Step of the analysis made by Percentile Levels and made by Gaussian Mixture Model. i = (1, ...,6)
is the range of the octave band (125Hz - 4000Hz) and S j = (1, ...,m) are the noise sources individuated by the
proposed algorithm (EM algorithm in this study). In this study S j = (1, ...,m− 1) are assumed as mechanical
sources and Sm is assumed as human activity source.
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4 RESULTS
The results for the two techniques are shown in table 1 for the percentile levels method and in table 2 for the
Gaussian Mixture Model analysis. In table 2, for the GMM technique, the human activity source is in bold
style. In figure 3 the mean values of the GMM analysis are plotted in function of the standard deviation, for
each octave band. The means corresponding to the mechanical noise (in black) are distribute in the left part,
with s.d less than 4 dB and LP values between 15–45 dB, with little differences between them. The means of
the human noise (in white) with a s.d. grater than 6 dB and LP values greater than 35 dB, represent outliers
from the others values.

Table 1. Identification and segmentation of Leq and L90 (in dB) with percentile levels technique.

Percentile level (dB) Frequency octave band (Hz)

125 250 500 1000 2000 4000

Mechanical L90 29.5 26.7 23.7 19.9 17.5 20.7
Human activity Leq 32.6 34.1 36.2 30.1 24.6 20.3

Table 2. Identification of the possible sound sources and segmentation into mechanical and human noise with
GMM technique. The means and the standard deviations (s.d.) are shown.

Sound level of the n-th
segmented noise source Frequency octave band (Hz)

(dB) 125 250 500 1000 2000 4000

1 – – – – 17.2 (0.4) 19.0 (0.4)
2 – – – – 17.9 (0.3) 20.8 (0.3)
3 – – 23.5 (1.2) – 18.6 (0.4) 21.2 (0.2)
4 – 26.8 (1.4) 25.7 (1.1) 19.7 (1.0) 19.6 (0.6) 21.7 (0.2)
5 – 28.5 (1.0) 27.9 (1.0) 21.3 (0.8) 21.1 (0.9) 22.1 (0.3)
6 – 30.5 (1.0) 30.2 (1.1) 23.1 (1.1) 23.2 (1.2) 22.8 (0.7)
7 31.1 (1.9) 32.9 (1.4) 33.1 (1.7) 25.9 (1.9) 26.3 (1.7) 24.4 (1.6)
8 34.6 (3.3) 36.2 (2.6) 37.1 (2.9) 31.2 (3.9) 30.4 (3.0) 27.9 (3.2)
9 44.2 (6.9) 45.2 (6.8) 46.3 (7.9) 39.0 (8.3) 35.8 (7.1) 34.2 (6.0)

Levels’ sum of sources

Mechanical 36.2 39.3 39.7 33.3 33.3 32.4
Human activity 44.2 45.2 46.3 39.0 35.8 34.2
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Figure 3. Relationship between means obtained by the GMM clustering and the standard deviation for each
octave band.
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Figure 4. Spectral matching between the measured values of the noise source hypothesized as human and
diffuse speech level in the room under study (equation 5).
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Figure 5. Layout of the office with the position of the sound level meter.

5 DISCUSSIONS
The more complex statistical approach with the Gaussian Mixture Model allows to highlight every sound source
in an enclosed space regardless of its nature, mechanical or human. Results show how GMM brings back more
values than PL. The random algorithm permits to extract a certain number of clusters, thereafter the distance
between the means and their standard deviations can be re-conducted to a specific kind of noise source. Little
differences between the means could be connected to the same source while a tiny standard deviation indicates
the mechanical nature of the source. In fact, a little standard deviation means that a source produces a specific
sound pressure level continuously during time. Quite the opposite, a high standard deviation means a more
accidental nature of the source, like the human activity. The comparison between the mean values identified as
human source and the diffuse speech levels characteristic of the office under study shows the same trend with
differences of up to 4 dB. This result confirm, with good approximation, the threshold chosen for the standard
deviation and it could be implemented, for a more accurate similarity, with a neural network. Thus GMM is
a stronger method than the percentile levels one, since, in order to obtain the same results with this latter, is
necessary to know the percentage of exceeded time for each noise source.

6 CONCLUSIONS
Identifying sound sources in a work space is an important aspect in order to attain a high acoustical comfort
and improve the productivity. This study compares two statistical techniques to highlight their differences in
distinguishing the various sources. The percentile levels technique is a standard method of analysis; it is used
here for comparison with the Gaussian Mixture Model, which represents a newer approach to the statistical data
obtained by a sound level meter. This latter method allows to identify not only the number of noise sources in
the space but their nature too. In fact, properly using the standard deviation it is possible to identify the kind
of source: if the s.d. is high then the source works in a larger range of sound pressure levels, thus it can’t be
considered as mechanical source but more random like the human activity. This approach of analysis allows a
potential deeper understanding of the acoustical field in an enclosed space in order to operate more accurately
in the correction of the criteria which describe the acoustical quality of the space, e.g. the STI, and the design
interventions to achieve a better comfort of the work flow.
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Abstract
High speech intelligibility in open space offices leads to problems. As a result of the irrelevant sound effect
it influences cognitive performance negatively. Roomacoustic measures do often not lead to improvements if
an open space office design is to be maintained. For this reason a study was conducted to examine if active
noise cancelling headphones influence cognitive performance and subjective feeling in an open space office.
This was done with a cognitive task (serial recall) and a survey after every term. No significant difference
between the condition with active noise cancelling headphones switched on and switched off as well as without
headphones could be determined. However, active noise cancelling had an influence on subjective ratings. The
background noise with active noise cancelling was rated as significantly less annoying, ability to concentrate
significantly higher and the speaker distance was rated significantly larger in comparison with active noise
cancelling switched off or without headphones.
Keywords: Sidetone, Irrelevant Sound Effect, Active Noise Cancelling Headphones, Active Noise Can-
celling Headet, Open Space Office

1 INTRODUCTION
17 million Germans are employed in offices (1). Of these, only 58 % work in individual offices (1-2 persons).
If it were up to the employees, office landscapes in Germany would look different: 95 % of all office workers
would opt for a one- or two-person office if they had the choice (2). Despite this, companies are planning larger
office landscapes mainly for economic reasons (1). Open space offices lead to many acoustical challenges. By
using room acoustic measures, improvements can be achieved only partly. Although not only the reverberation
time, but also the speech intelligibility of disturbing or irrelevant speech in offices is trying to be reduced,
there are limited possibilities to influence the acoustic conditions of an open space office if an open structure
is to be maintained. Not only subjectively, noise is seen as a major problem by employees in open space
office environments – studies show significant impacts on health. The human autonomic nervous system is
negatively affected by a noise level of 60 dB(A). Especially speech has negative effects – it leads to a loss of
performance of the working memory (3) even at a level of 35 dB(A). This Irrelevant Sound Effect (ISE) was
first investigated in 1976 by Colle and Welsh (4). It describes the decrease in short-term memory performance
when irrelevant sounds are heard. The ISE affects many areas of the brain. Various studies show negative
influences on memorizing numbers (5, 6), reading aloud (7), proofreading (8, 9) and solving arithmetic problems
(10, 11). In addition, the effect has been explicitly demonstrated in office background noise in several studies
(12, 13, 10, 11, 4). In order to reduce the ISE, Active Noise Cancelling (ANC) headphones are used more
frequently in open space offices. For this reason, it was examined if ANC headphones can reduce the distracting
effect of background speech and improve working memory performance. In addition, it was considered whether
ANC headphones influence the subjective judgement on office noise or not.
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2 METHOD AND EXPERIMENTAL DESIGN
2.1 Apparatus and stimuli
A listening test in the laboratory was chosen to evaluate the effects of ANC headphones in open space offices.
For this, binaural recordings of an open space office were needed. Sentences from the "Oldenburger Satztest"
(14) were first recorded in an anechoic chamber by a male speaker. For creating the listening test sound
conditions, a typical 8-person office was chosen. The ceiling was out of concrete, the floor was carpeted. There
were no screen walls between the workplaces. The reverberation time in the room met the requirements of room
acoustic class C according to the German guideline VDI 2569:2016-02 - Entwurf (< 0.9 s). In the office, three
typical speaker positions (distance to the listener: 2.79 m, 5.97 m, 11.57 m) were chosen. The voice signals
were played back by a studio speaker (Yamaha MSP3), with a similar directivity as a human speaker. For each
speaker position different sets of sentences with a voice level of 59 dB(A) at 1 m distance according to ANSI /
ASA S3.5-1997 (R2017) (15) were used. Three sound conditions were recorded with the HEAD acoustics HMS
III artificial head (equalization filter ID): One recording without ANC headphones, one with ANC headphones
switched off and one with ANC headphones switched on.
The listening test was conducted in the High Performance Indoor Environment Laboratory of the Fraunhofer-
Institute for Building Physics. The experimental program was created using PsyScope X Experiment Control
System software. The headphone signal was output by an HEAD acoustics PEQ V frontend, which ensured
the equalization of the binaural recordings and a calibrated headphone equalization for the Sennheiser HD 600
headphones as well as the calibrated playback level. The subjects were tested individually. A serial recall test
was used to test cognitive performance. The subjects task was to memorize the order of nine visually presented
random digits from 1–9 and recall them correctly after a retention interval of eight seconds on a 3x3 array on
the screen. Each digit that was not correctly recalled at the right serial position was counted as an error. After
a six-round exercise, the subjects completed 12 test trials per background sound condition. At the end of each
condition, the subjects were asked to answer questions about the sound conditions (annoyance, ability to con-
centrate, speaker loudness, distance to speaker, long term disturbance, subjectively perceived performance). The
questions were assessed after each sound condition by a five-point Likert scale (not at all, slightly, moderately,
very, extremely) according to ISO/ TS 15666:2003 (16) and the scale for loudness ranking (not at all, slightly,
moderately, very, strongly) according to DIN ISO 16832:2007-07 (17). In addition, the subjects were asked to
enter the perceived distance to the speaker with one decimal and the subjectiveley perceived performance in %.

2.2 Experimental design and sample
A one-factorial experimental design with four factor levels (baseline condition: silence, headphones - with ANC:
ANCon, headphones - without ANC: ANCoff, no headphones: noHP) and within-subjects-design was used. All
subjects were presented with the same conditions – there was no control group. Background sound was varied
in the four factor levels silence, ANCon, ANCoff, noHP. The sound conditions were presented in a randomized
order. The dependent variable was the error rate (percentage of incorrectly entered numbers) in the serial recall
task. Additionally the subjects were asked different question items to evaluate the subjective judgements. In the
listening test data of N = 21 subjects was collected. The subjects were mostly students of different disciplines
at the age of 21 to 69 years (M = 28.52 years, Mdn = 25 years). 11 female and 10 male subjects participated
the study. They received a small stipend.

3 RESULTS
The data processing for the serial recall test and the subjective judgments took place in Microsoft Excel 2016.
All further statistical analyses were then carried out with IBM SPSS statistics software (version 19). The sig-
nificance level was chosen at α = .05. There was an outlier correction. Data that deviated by more than 2.5
times the standard deviation from the mean was excluded from the evaluation.

2469



silencenoHP ANCoff ANCon
0%

10%

20%

30%

40%

50%

32.7%

49.3%
46.1%

42.4%

er
ro

r
ra

te
in

[%
]

Figure 1. Mean error rates during the different sound conditions of the serial recall test. Means and standard
errors are plotted.

3.1 Serial Recall
The error rates (incorrectly entered numbers) in the different conditions were measured. A one-way analysis
of variance (with repeated measures) showed a significant main effect of the headphones factor on error rate
(F(3, 60) = 8.64, p < .001, η2 = .30). Significant differences were found in the comparison of error rates by
calculating t-tests with a connected sample: silence – noHP (t(20) = -4,01, p = .001, d = -0.88), silence – AN-
Con (t(20) = -3.048, p = .006, d = -0.67) and silence – ANCoff (t(20) = -2.858, p = .01, d = -0.62). Although
slightly lower error rates with headphones and with activated ANC than without headphones could be shown, all
comparisons (noHP – ANCon, noHP – ANCoff, as well as ANCon – ANCoff ) showed no significant differences.
Furthermore Cohen’s effect size value (d = .06 for ANCon – ANCoff, small effects also for the other compar-
isons) suggested low practical significance. The mean values are compared in figure 1. The results showed that
headphones, whether with or without ANC, do not seem to significantly affect cognitive performance.

3.2 Subjective judgements
Annoyance The comparison of annoyance (see figure 2) in the various background sound conditions by a
repeated measures analysis of variance showed a significant main effect of the factor background noise on the
dependent variable annoyance (F(3, 60) = 132.24, p < .001, η2 = .869). Comparing the perceived annoyance
of background noise without headphones to headphones using paired t-tests with connected sample resulted in
significant differences to ANCon (t(20) = 4.176, p < .001, d = 0.91) and to ANCoff (t(20) = 2.682, p = .014,
d= 0.59). Between ANCon – ANCoff (t(20) = -1.096, p = .286, d = -0.24) no significant differences were found.
Silence was perceived as significantly less annoying than any other sound condition.

Ability to concentrate The comparison of the subjectively perceived concentration (see figure 3) in the differ-
ent background sound conditions by a repeated measures analysis of variance showed a significant main effect
of the factor background sound on the dependent variable concentration (F(3, 60) = 37.977, p < .001, η2 =
.655). The comparisons noHP – ANCon (t(20) = -3.005, p = .007, d = -0.66) and ANCon – ANCoff (t(20) =
2.121, p = .047, d = 0.46) showed significant differences in perceived concentration.
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Figure 5. Mean perceived distance to speaker during
the different sound conditions. Means and standard
errors are plotted. The horizontal line showes the
distance to the nearest speaker in the simulated of-
fice.

Speaker loudness The comparison of speaker loudness (see figure 4) in the different background sound con-
ditions by a repeated measures analysis of variance showed a significant main effect of the factor background
noise on the dependent variable loudness (F(3, 57) = 163.369, p < .001, η2 = .896). The comparisons noHP –
ANCon (t(19) = 7.285, p < .001, d = 1.63) and noHP – ANCoff (t(20) = 3.873, p < .001, d = 0.85) showed
significant differences in the perceived loudness. Between ANCon – ANCoff (t(19) = -1.926, p = .069, d =
-0.43) no significant differences were found.

Distance to speaker The comparison of the perceived distance of the speaker (see figure 5) in the different
background sound conditions by a repeated measures analysis of variance showed a significant main effect of
the factor background sound on the dependent variable distance (F(2, 38) = 11.047, p < .001, η2 = .368).
Paired t-tests revealed significant differences in the estimated speaker distance when comparing the condition
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Figure 7. Mean subjectively perceived performance
during the different sound conditions. Means and
standard errors are plotted.

noHP with the conditions ANCon (t(19) = -3.773, p = .001, d = -0.84) as well as ANCoff (t(19) = -4.325, p <
.001, d = -0.97). There were also significant differences in the comparisons ANCon – ANCoff (t(19) = 2.179, p
= .042, d = 0.49).

Long-term disturbance The comparison of the long-term disturbance (see figure 6) in the various background
sound conditions by a repeated measures analysis of variance showed a significant main effect of the factor
background noise on the dependent variable long-term disturbance (F(1.62, 30.76) = 65.573, p < .001, η2 =
.775). There were no significant differences in the long-term disturbance in paired t-tests with connected sample
noHP – ANCon (t(20) = 0.665, p = .514, d = 0.15), noHP – ANCoff (t(20) = 0.420, p = .679, d = 0.09) and
ANCon - ANCoff (t(20) = -0.623, p = .54, d = -0.14). The long term disturbance at silence was perceived as
significantly smaller than any other sound condition.

Subjectively perceived performance The comparison of subjectively perceived performance (see figure 7) in
the various background sound conditions by a repeated measures analysis of variance showed a significant main
effect of the factor background sound on the dependent variable subjectively perceived performance (F(3, 60) =
30.520, p < .001, η2 = .604). Paired t-tests showed no significant difference in perceived performance in the
comparisons noHP – ANCon (t(20) = -1.807, p = .086, d = -0.39), noHP – ANCoff (t(20) = -1.122, p = .275, d
= -0.24) and ANCon – ANCoff (t(20) = 1.255, p = .224, d = 0.27). The subjectively perceived performance in
silence was rated as significantly better than in any other sound condition.

4 DISCUSSION
Investigations aimed to examine how ANC headphones affect working memory performance while being af-
fected by irrelevant speech sound. The error rate for the serial recall in silence was significantly lower than in
all other conditions. This indicates a correct experimental setup and procedure, since the ISE was proven. In
contrast, the error rate in the headphone conditions was not (neither in the condition ANCoff, nor in ANCon)
significantly lower than in condition noHP although a tendency of lower error rates with ANC headphones
could be shown while comparing the mean values. Also, there was no significant difference between ANCon
and ANCoff. From this result, it can be concluded that ANC headphones do not seem to have an influence on
the working memory performance. One possible reason could be that speech level – as long as speech is loud
enough to be understood – is not relevant for the ISE, but only the speech intelligibility (18). Speech intelli-
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gibility can even increase with ANC headphones, as background noise is very well reduced up to 600 Hz, but
speech is less well masked by the active algorithm due to its transients. Although no significant improvement in
working memory performance was found, ANC headphones seem to improve the subjects subjective perception.
The subjects rated the annoyance of the speech sound in condition ANCon as significantly less annoying than in
noHP or ANCon. Ability to concentrate in the condition ANCon was rated as significantly better than in ANCoff
or noHP. In terms of subjectively perceived privacy, ANC headphones may also be useful. The subjects rated
the speaker loudness with headphones as lower, which is mainly due to the insertion loss of the headphones.
However, there was no significant difference between ANCon and ANCoff. The significant difference between
the perceived distance of the speaker (in the condition ANCon it was perceived as significantly farther away
than in ANCoff ) nevertheless indicates that there is an improvement caused by ANC. The results of the survey
on long-term disturbance and subjective performance coincide with the results of the serial recall. There were
no significant differences between ANCon/ ANCoff and noHP. The study shows that ANC only brings improve-
ment in some areas in terms of subjective perception. However, no significant worsening by ANC was found
in any area.

5 CONCLUSION
This study showed that ANC headphones do not seem to have significant impacts on cognitive performance
while working in an open space office. The subjects also do not have the impression as their possibility to
concentrate raises. For ANC headphones, however, there can still be practical uses in open space offices, as
they reduce the annoyance of conversations between other employees and increase perceived privacy. These two
factors have proved to be major disruptive factors in many office surveys conducted at the Fraunhofer IBP. In
further research, a more comprehensive study could be performed to examine the effects of ANC headphones
on people working in offices with different tests than the serial recall. Also, more subjects could be tested
to detect smaller impacts of ANC headphones on cognitive performance as a tendency of lower error rates by
conducting the serial recall test with activated ANC has been shown.
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ABSTRACT
The exposure to noise can be reduced by eliminating the source of noise (if possible), substituting the source 
with a quieter one, applying engineering modifications, using administrative controls, and by using protective 
equipment. It is generally agreed that the solutions controlling the source are more cost effective than those 
controlling noise along the propagation path. Administrative controls and the use of personal protective 
equipment are measures that control the noise at the receiver and are supposed to be applied only if measures 
at the source are not possible. However, in this line of argumentation human beings are usually only treated 
as receivers of noise but not as noise sources. Results are reported in which an inverse Lombard effect or 
rather the Fletcher effect is used to reduce the speech effort and thus the speech level of persons. A feasibility 
study shows that the speech level can be lowered by up to 3 dB without the necessary manipulation being 
perceived to be distracting.

Keywords: room acoustics, open plan offices, sidetone, speech effort

1. INTRODUCTION
It has been shown numerous times, that lack of acoustic privacy and disturbance caused by 

background speech rank among the least satisfying parameters of the indoor environmental quality in 
office buildings (1, 2). Acoustic privacy refers to not being able to prevent others from overhearing 
your own conversations or to prevent overhearing the conversations of others. It follows from this 
that the presence of background speech is closely related to acoustic privacy.

Occupational safety and health (OSH) aims to promote and maintain the highest degree of safety 
and health at work, therefore creating conditions to avoid the occurrence of work accidents and ill 
health. To achieve such goal employers have to implement safety and health measures based on risk 
assessments and legislation. Since OSH applies a holistic approach to promote the social, mental and 
physical well-being of employees, it also addresses non-auditory effects of noise like increased stress, 
cardiovascular function, annoyance, performance, sleeping problems, and mental health. These effects 
can be triggered by rather low noise levels which cause no direct harm to the hearing system (auditory 
effects). The presence of background speech is well known to impair subjective well-being and work 
performance (3, 4).

OSH usually applies a hierarchy of prevention and control measures, which starts by avoiding risks 
and eliminating hazards. If this is not possible, hazards have to be reduced and minimized or separated 
from the employees. However, if a colleague is the source of speech noise, separating him from the 
other employees is not easy or not wanted. Because this would be mean, providing single offices or 
sufficient acoustically separated spaces for communication or concentrated work but also 
disconnecting people.

Preventive measures which aim to reduce the likelihood of occurrence of a hazard can be applied. 
Those incorporate engineering or technical measures (designed to act directly on the risk source, in 
order to remove, reduce or replace it) and organizational or administrative measures (meant to force 
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changing of behaviors and attitudes and promote a safety culture). Thus reducing the vocal effort of a 
speaker and therefor the level of disturbing background speech for his colleagues is a desirable goal.

Preventive measures can be followed by protection measures which include collective measures 
(designed to enclose or isolate the risk, for instance through the use of physical barriers, organizational 
or administrative measures to diminish the exposure duration) and individual measures (any adequate 
Personnel Protective Equipment designed to protect the worker from the residual risk). 

The OSH approach has been very successful for example in reducing the background noise level 
in offices caused by technical noise sources. However, doing so the impairment caused by background 
speech may even have increased since the disturbing background speech is no longer masked by 
background sound from technical sources. The consideration of work colleagues as potential noise 
sources has so far found no adequate consideration. Many guidelines and recommendations 
specifically ignore this kind of noise which is caused by the presence of other people in the room.

For this reason, a feasibility study is presented here, which investigates whether electro-acoustic 
measures on the technical equipment of the source of background speech, namely the speaker, can 
reduce the vocal effort of the speaker and thus also reduce background speech. For this purpose, the 
so-called sidetone settings of five different headphone systems were systematically manipulated and 
the effects on the speech sound level of the speakers was examined. The sidetone settings are intended 
to intervene directly at the source of the disturbing noise, namely the speech sound caused by the 
speaker. A system was developed which reproduces the speaker´s own speech sound on the 
headphones as a sidetone during a simulated conversation with a headset. By means of this technique 
it is attempted to reduce the speech level by psychoacoustic measures. The effectiveness of the 
development was validated in an experiment by measuring the speech levels and also the acceptance 
of the development was tested by questionnaires. Only the effects on speech levels will be reported 
here.

2. METHOD

2.1 Procedure
Participants were instructed to read aloud sentences of the HSM-sentence test (5) while wearing 

different types (SH HD 600, SH HD 600 mono, SH HD 280, SH CHAT, SH MB 660 UC) of 
headphones (Sennheiser) and being exposed to three different conditions of background sound 
(SILENCE, ONE SPEAKER, SOME SPEAKERS) and to eight different sidetone settings as well as 
a baseline condition with no sidetone (0, 49, 55, 61, 67, 73, 79, 85, 91 dB). Thus a factorial design 
with the independent variables type of headphone (5 levels), sidetone setting (8 levels) and condition 
of background sound (3 levels) was applied. The headphones differ with regard to their characteristics 
as described in Table 1.

Table 1 – Headphone Characteristics

Type Design Type Sidetone

SH HD 600 over-ear open-back headphones both ears

SH HD 600 mono over-ear open-back headphones one ear

SH HD 280 over-ear closed-back headphones both ears

SH CHAT earpad headphones both ears

SH MB 660 UC over-ear closed-back headphones with active noise cancelling both ears

The background sounds were presented via the headphones and differed with regard to level (levels 
in brackets correspond to the level with active noise cancelling switched on) and the number of voices 
as described in Table 2.
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Table 2 – Background Sounds

Condition Level dB (A)

SILENCE ~

One Speaker 53.6 (40.63)

Some Speakers 53.9 (41.49)

The sidetone settings were varied in steps of 6 dB in gain (0, 49, 55, 61, 67, 73, 79, 85, 91 dB)
which means that every participant received different sidetone levels depending on her/his own speech 
level. The reduction of the speech level during each sidetone setting was compared to the speech level 
with no sidetone.

2.2 Participants
Data were collected from N = 20 participants. Most of the subjects were students of various disciplines. 
The subjects were between 21 and 69 years old (M = 28.65 years, MD = 25 years). Ten female and 10 
male subjects participated in the listening test.

3. RESULTS
The results of this feasibility study have to be interpreted with caution since plenty of individual 

data points were lost due to technical problems during recording of individual speech levels. In order 
to be able to conduct the statistical analysis in a factorial manner, the missing data was substituted by 
the mean of the experimental condition. The ANOVA was calculated with de-logarithmed levels. 
Additionally the factors HEADPHONE and SIDETONE were treated as between-subject factors
because of problems with the data protocol even so each participant wore each headphone and was 
exposed to each sidetone setting.

3.1 Statistical Analysis
A three-way (HEADPHONE, SIDETONE, BACKGROUND SOUND) repeated measures ANOVA 

with two between-subject factors (HEADPHONE, SIDETONE) and one within-subject factors 
(BACKGROUND SOUND) was conducted and is reported in Table 3 (Between Subjects Effects) and 
Table 4 (Within Subjects Effects).

Table 3 – Between Subjects Effects

Sum of Squares df Mean Square F p

HEADPHONE 11.88 4 2.971 12.632 <

SIDETONE 5.75 7 0.821 3.492 0.001

HEADPHONE SIDETONE 6.29 28 0.225 0.956 0.532

Residual 165.57 704 0.235

The analysis reveals significant main effects of the factors HEADPHONE (F(4,704)=12.63, p<.001,
=.014) and SIDETONE (F(7,704)=3.49, p<.01, =.007) but no significant interaction of both 

factors.
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Table 4 – Within Subjects Effects

Sum of 

Squares
df

Mean 

Square
F p

BACKGROUND SOUND 8.80 2 4.398 20.779

BACKGROUND SOUND HEADPHONE 6.47 8 0.809 3.820

BACKGROUND SOUND SIDETONE 2.47 14 0.176 0.833 0.634

BACKGROUND SOUND HEADPHONE 

SIDETONE
8.29 56 0.148 0.699 0.955

Residual 298.02 1408 0.212

The analysis reveals significant main effects of the factors BACKGROUND SOUND
(F(2,1408)=20.78 0). The interaction between BACKGROUND SOUND and 
HEADPHONE is also significant (F(8,1408)=3.82 08).

3.2 Descriptive Analysis
Figure 1 depicts the reduction of the speech level depending on the sidetone settings compared to 

the condition with no sidetone collapsed over all headphones. It appears that for the higher sidetone 
gains the speech level decreases but only during the ONE SPEAKER and SOME SPEAKERS 
condition.

Figure 1 – Reduction of speech level during different sidetone settings and background sound conditions 

collapsed over all headphones.

Figure 2 depicts the reduction of the speech level depending on the sidetone settings compared to 
the condition with no sidetone for the SH HD 600 headphone. It appears that for the higher sidetone 
gains the speech level decreases but only during the SOME SPEAKERS condition.
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Figure 2 – Reduction of speech level during different sidetone settings and background sound conditions 

for the SH HD 600 headphone.

Figure 3 depicts the reduction of the speech level depending on the sidetone settings compared to 
the condition with no sidetone for the SH HD 600 headphone but with monaural sidetone presentation.
There seems to be no pattern of results.

Figure 3 – Reduction of speech level during different sidetone settings and background sound conditions 

for the SH HD 600 headphone but with monaural sidetone presentation.

Figure 4 depicts the reduction of the speech level depending on the sidetone settings compared to 
the condition with no sidetone for the SH HD 280 headphone. It appears that for the higher sidetone 
gains the speech level decreases for all background sound conditions.
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Figure 4 – Reduction of speech level during different sidetone settings and background sound 
conditions for the SH HD 280 headphone.

Figure 5 depicts the reduction of the speech level depending on the sidetone settings compared to 
the condition with no sidetone for the SH CHAT headphone. There seems to be no pattern of results.

Figure 5 – Reduction of speech level during different sidetone settings and background sound 
conditions for the SH CHAT headphone.

Figure 6 depicts the reduction of the speech level depending on the sidetone settings compared to 
the condition with no sidetone for the SH MB 660 UC headphone. There seems to be a reduction of 
speech level for all levels of sidetone gain but only for the SOME SPEAKER condition.
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Figure 6 – Reduction of speech level during different sidetone settings and background sound 
conditions for the SH MB 660 UC headphone.

4. DISCUSSION
Since the results of the analysis have to be treated with caution the discussion of the results has to 

be preliminary. As there were problems with the recording of the speech levels during the different 
experimental conditions the technical setup of this feasibility study needs to be improved. However, 
the results seem to be promising with regard to the possibility to impact upon the speech level of a 
speaker during a headset conversation by means of manipulating the sidetone settings of the 
headphone. However, the results seem to vary depending on the background sound situation and 
depending on the headphone being used.

5. CONCLUSIONS
Since background speech usually ranks among the least satisfying parameters of the indoor 

environmental quality in office buildings even so common room acoustical measures are applied, new 
solutions have to be found. This feasibility study yields that the speech level of a speaker can be 
influenced by applying certain sidetone settings to the headsets being used. However, the effect is 
limited in quantity and the results of this feasibility study have to be treated with caution due to limits 
to the statistical protocol.
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ABSTRACT 

In Finland, the new governmental regulations require that Speech Transmission Index shall be less than 0.50 
in open-plan offices. It requires both large amount of absorption materials and artificial sound masking due 
to low ventilation noise levels. Commercial sound masking systems use often filtered pseudorandom noise 
as a sound signal. A laboratory experiment reported that water sound was experienced more pleasant than 
pseudorandom noise when performing cognitive tasks. Our purpose was to determine how different water-
based masking sounds are perceived in an office workplace compared to pseudorandom noise. The study was 
conducted in an open-plan office, where sound masking based on pseudorandom noise had been used for 2 
years at 44 dB LAeq. Our experiment included six conditions: original pseudorandom noise (P1a), four 
different water-based sounds (N1N4), and return to original pseudorandom noise (P1b). Each condition 
lasted for 3 weeks and were presented at 44 dB LAeq. The employees were asked to respond to a questionnaire 
after each condition. Eighteen employees responded to all six questionnaires and their responses were 
analyzed. Water-based sounds appeared to be more disadvantageous than pseudorandom noise for almost all 
subjective measures. Due to some methodological weaknesses, more research is justified in this field.  
 
Keywords: Sound masking, open-plan offices, room acoustics 

1. INTRODUCTION 
Haapakangas et al. (1) found in an extensive field study that noise annoyance was larger in such 

open-plan offices where the distraction distance was larger. Distraction distance, rD, is the central 
single-number quantity of the standard ISO 3382-3 which describes the methods to objectively 
measure the room acoustic quality in open-plan offices. The value of rD indicates the distance from a 
speaker, when the Speech Transmission Index, STI, falls below 0.50 (2). STI can obtain values 
between 0.0 and 1.0. STI reflects pretty well the subjective speech intelligibility. When STI falls under 
0.50, it has been found (3, 4) that the adverse effects of background speech on cognitive performance 
begin to reduce. When STI is under 0.20, performance decrement is usually negligible due to speech. 

The value of rD can be reduced by proper room acoustic design which aims at smaller signal-to-
noise ratio of speech, SNR. The conventional room acoustic methods for reaching lower SNR are: 

A. the use of sound-absorbing materials in walls, ceiling, and furniture;  
B. the use of high sound-insulating screens between workstations;  
C. the use of artificial sound masking system if the background noise is under 40 dB LAeq. 
The separate and mutual effects of methods AC have been studied both in laboratory (5,6) and 

field (7). They prove that methods AC shall be used simultaneously to obtain a small SNR.  
The most usual and the cheapest way to implement Method C is to install a loudspeaker system to 

the ceiling. Typical density is one loudspeaker per 10 m2. The spectrum should resemble the spectrum 
of speech to obtain a good balance between speech masking and acoustic satisfaction towards the 
masking sound itself (8). The recommended level is 4245 dB LAeq. Sound masking is usually 
produced using small loudspeakers and pseudorandom noise within 2005000 Hz. The spectrum has 
                                                        
1 not available 
2 valtteri.hongisto@turkuamk.fi; annu.haapakangas@turkuamk.fi  
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usually a slope of -5 to -7 dB per octave doubling (REF in Figure 1).  
Haapakangas et al. (9) found in a psychological laboratory experiment that water-based sound 

masking (a spring water sound, or water stream) led to higher acoustic satisfaction and cognitive 
performance than sound masking based on pseudorandom noise, ventilation sound, music with vocals, 
or instrumental music. They suggested that the finding should be confirmed with a field study. 

Our purpose was to determine how different water-based masking sounds are perceived in an office 
workplace compared to pseudorandom noise while the sound level is constant, 4 dB LAeq, and the 
differences in overall spectrum are not drastic.  

2. MATERIALS AND METHODS 
General design. We conducted an experiment in an open-plan office. We studied various 

subjective responses (dependent variables) among the office employees six times after exposing them 
to six masking conditions (MCs, independent variable). The exposure time for each MC was three 
weeks. The employees were invited to respond to a questionnaire after eight working days from the 
start of the exposure. Employees were informed about the research and it’s purpose in advance but 
they were not involved with the design of the experiment nor with the selection of masking sounds. 

Office. The office as well as the original sound masking (MC P1a) had been used for 2 years. The 
masking sound signal was filtered pseudorandom wide-band noise (see P1a in Figure 1). The office 
(19x50 m, height 2.4 m, 930 m2) involved 54 workstations and various kinds of teams (administration, 
IT, quality, sales, marketing). Partition walls existed only around meeting rooms. The office was 
occupied by 77 employees. Most of the employees had fixed workstations but there were also a lot of 
elements of activity-based office (sofa groups, meeting pods, working pods, drop-by workstations) to 
be occasionally used by traveling occupants who did not need a permanent workstation. 

Masking conditions. The masking conditions (MCs) are described in Figure 1. MCs P1a and P1b 
are equivalent. This MC represents the sound masking to which the employees had been exposed for 
two preceding years. MCs N1N4 involved water-based sounds. They were chosen according to a 
listening test where fifteen people ranked the acoustic satisfaction of each sound according to the 
subjective scales of Ref. (8). It was decided to choose four water-based sounds according to two 
criteria: participants’ preferences and dissimilarity between the water sounds.  

Sound masking was produced using a commercial sound masking system. The system consisted of 
loudspeaker grid (appr. 1 loudspeaker per 12 m2) installed over the suspended ceiling. The 
loudspeakers were not visible to the employees but the they were all aware of the system.  

The masking sounds were carefully adjusted by level and spectrum outside working hours before 
launching a new MC to avoid any special attention to sound masking during working hours. The effect 
of suspended ceiling and room on the spectrum of masking sound was compensated using one-third 
octave digital filtering (Adobe Audition 3.0), so that we could obtain the desired spectra in the 
workstations. The sound pressure level (SPL) of a new MC was measured in every workstation during 
the weekend before launching a new masking condition. A 15-second integration time was used. 
Results are shown in Figure 1.  

Room acoustics. Suspended ceiling at a height of 2.4 m was covered by 90% with class A sound 
absorbing material (ISO 11654). Floor was covered by full-area textile carpet. Windowless walls were 
mostly covered by illustrated sound-absorbing materials (class A) from floor to ceiling. Trefoil-shaped 
workstation groups involved 1.25 m high screens between tables. The level of sound masking (MC 
P1a) was 43…47 dB LAeq depending on position.  

Room acoustic measurements were conducted in MC P1a according to ISO 3382-3. The distraction 
distance was very low, rD=5 m. The spatial decay rate of A-weighted speech level was reasonably 
high, D2S=6.5 dB. The A-weighted speech level at four meter distance from speaker was very low, 
LAS4m=47 dB. The room acoustic conditions were reasonably good compared to typical conditions 
measured in e.g. Finnish open-plan offices (2).   

Respondents and statistical analyses. The number of respondents to the six questionnaires was 
47, 37, 33, 30, 28 and 28. Eighteen employees responded to all questionnaires. Statistical analysis 
(ANOVA and paired comparison with Benjamini-Hochberg adjustment) was based on these 18 
employees using repeated measures design. Our primary interest concerned the differences between 
MCs P1aN4 (p1). Furthermore, we conducted a secondary analysis between acoustically equivalent 
MCs P1a and P1b (p2). 
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Figure 1  Descriptions of six masking conditions. Left) The unweighted sound pressure level, LpZ, as a 

function of frequency, f. Ref corresponds to the slope of -5 dB per octave increment. BG corresponds the 

situation when masking was off (ventilation and computers on). Right) Verbal descriptions of the masking 

conditions and the mean (M) and standard deviation (SD) of A-weighted sound pressure level on 54 

workstations.  

3. RESULTS 
Satisfaction with acoustic environment reduced every time when a new water-based masking 

condition (MC) was introduced. MCs P1a and P1b were equally rated (Figure 2a).   
Perceived negative effects caused by different environmental factors remained quite much the same 

between MCs. The exception was noise and lack of speech privacy. Their negative effects increased 
every time when a new water-based MC was introduced (Table 1). Perceived negative effects caused 
by noise did not return to the level of MC P1a in the end which suggests that noise caused by working 
activities were not equal during the MCs P1a and P1b.  

Perceived disturbance of work due to different sound sources was larger in water-based MCs (Table 
2, Figure 2b) than in P1a. P1A and P1b did not differ from each other.  

Sound quality assessments of masking sound during different MCs (Table 3) suggested that P1a 
and P1b were identical, as expected. MC N4 was unfavorable compared to P1a for all sound quality 
attributes. The best rating among water-based MCs was given to N1. It differed from P1a only for two 
attributes out of nine.  

Job satisfaction reduced from P1a to N1 and did not return to the original level in the end. Perceived 
possibilities to influence on matters at the workplace were lower in the end (P1b) than in the beginning 
(P1a). Perceived stress did not change during the experiment. 
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Figure 2  (Left) Mean satisfaction with the office noise and acoustic environment of the office as a whole 

in six masking conditions. Range: -2 Very dissatisfied; +2 Very satisfied. (Right) The mean disturbance of 

work due to masking sound. Scale: 1 Not at all, 5 Very much. Labels indicate the statistical significance 

compared to masking condition P1a according to + p<0.05, * p<0.01, # p<0.001. 

 

Table 1  Perceived negative effects caused by different environmental factors. Mean values. Response 

scale: 1 Not at all, 5 Very much. Column p1 describes the significance level of the main effect of masking 

conditions P1aN4. Column p2 describes the significance level between masking conditions P1a and P1b. 

Label n.s. means a non-significant difference.  
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P1a N1 N2 N3 N4 P1b p 1 p 2

Draught 1.9 1.4 1.7 2.1 1.8 1.7 n.s. n.s.
Cold 2.4 1.7 1.8 2.3 2.1 1.8 n.s. 0.029
Hot 2.4 2.3 2.3 2.4 2.0 1.9 n.s. n.s.

Stuffy air 1.5 1.5 1.6 1.9 1.5 1.6 n.s. n.s.
Noise 2.1 2.9 3.0 3.7 3.5 2.8 <0.001 <0004

Lack of speech privacy 2.1 2.7 3.0 3.3 3.0 2.6 0.018 n.s.
Lighting 1.4 1.4 1.2 1.5 1.5 1.6 n.s. n.s.

Glare or reflections 1.5 1.1 1.2 1.4 1.4 1.8 n.s. n.s.
Dust or dirt 1.4 1.1 1.2 1.2 1.1 1.2 n.s. n.s.

Smells 1.2 1.0 1.0 1.2 1.2 1.3 n.s. n.s.
Disorder 1.3 1.3 1.2 1.3 1.2 1.5 n.s. n.s.

Crowdedness 1.0 1.1 1.1 1.4 1.3 1.5 n.s. 0.024
Movements in vision 1.7 1.2 1.4 1.7 1.4 1.7 0.046 n.s.

Openness 1.3 1.2 1.4 1.7 1.6 1.5 n.s. n.s.

Masking condition

Environmental factor
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Table 2  Perceived disturbance of work due to different sound sources. Mean values. Response scale: 1 

Not at all, 5 Very much. Column p1 describes the significance level of the main effect of masking 

conditions P1aN4. Column p2 describes the significance level between masking conditions P1a and P1b. 

Label n.s. means a non-significant difference.  

 

 

Table 3  The mean values of some attributes describing the quality of sound masking. Scale: -3 Strongly 

disagree, +3 Strongly agree. Bolded value means that the masking condition differs significantly from P1a. 

Small value is desirable for attributes with an asterisk. Large value is desirable for attributes without an 

asterisk. 

 

4. DISCUSSION 
It is obvious that water-based masking conditions (MCs) were rated more negatively than MCs 

with pseudorandom noise. However, we cannot suggest that water-based masking sounds should not 
be used because of several methodological weaknesses of our study: 

 
 The employees were used to MC P1a for 2 years. Exposure time for water-based MCs was only 1.5 

to 3 weeks before responding to the questionnaire. Unequal exposure time to different MCs has 
caused at least some bias to the result.  

 Order effect may have biased the results. In laboratory experiments, order effect can be minimized 
by using counterbalanced order of experimental conditions for different participants. We could not 
consider this in field setting. Future studies should have only one MC instead of four.  

 Employees did not have any control over the experiment although it concerned their physical 
workplace. Employees usually appreciate the possibility to control changes in their work 
environment. Satisfaction with changes made in workplace are usually higher if the employees can 
influence the decisions (10).  

 The study was conducted in one workplace. The results might be different in another workplace.  
 The experiment was very long (18 weeks). The response rate reduced during the experiment. The 

results did not represented the opinion of the whole staff.  

P1a N1 N2 N3 N4 P1b p 1 p 2

Talking and laughing in other desks 2.1 2.7 2.5 3.3 2.9 2.2 0.017 n.s.

Talking in jointly used spaces 1.5 2.2 2.1 2.9 2.8 1.7 0.002 n.s.

Ventilation and air-conditioning 1.7 1.4 1.8 2.4 2 1.6 0.029 n.s.

Sound masking 1.9 1.9 2.8 3.7 4.1 1.9 <0.001 n.s.

Work-related sounds generated by others 1.4 2.1 2.2 2.4 2.5 1.6 0.024 n.s.

Jointly used office equipment 1.2 1.7 1.8 2.1 1.9 1.2 0.013 n.s.

Phones ringing 1.2 1.4 1.3 1.4 1.5 1.2 n.s. n.s.

Masking condition
Sound source

P1a N1 N2 N3 N4 P1b p 1 p 2

Easy to habituate to 1.4 0.8 -0.2 -1.8 -2.2 1.4 <0.001 n.s.
Distracting* -1.2 -1.1 -0.1 1.3 1.3 -1.5 <0.001 n.s.
Pleasant -0.6 -0.7 -1.2 -1.9 -2.3 0.2 <0.001 n.s.
Stressful* -1.8 -1.2 -0.9 0.1 0.8 -1.7 <0.001 n.s.
Natural -0.9 -0.7 -1.1 -1.8 -2.3 -0.5 0.012 n.s.
Annoying* -1.9 -0.9 0.1 1.0 2.3 -1.3 <0.001 n.s.
Tiring* -1.9 -1.0 -0.7 0.2 1.1 -1.4 <0.001 n.s.
Acceptable 0.7 0.0 -0.7 -1.8 -2.3 1.2 <0.001 n.s.
Helpful for my work 0.3 -0.2 -1.2 -1.6 -2.4 0.6 <0.001 n.s.

Masking condition
Attribute
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5. CONCLUSIONS 
We conducted an experiment in an office workplace where the employees were exposed to 

pseudorandom masking sound, four water-based masking sounds, and again the original 
pseudorandom masking sound. All conditions were presented at the same level, 44 dB. Water-based 
masking conditions were rated more negatively than masking conditions with pseudorandom sound. 
However, we cannot suggest that water-based masking sounds should not be used because of several 
methodological weaknesses of our study. More research is warranted in this field. Full version of this 
work has been published in Ref. (11). 
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ABSTRACT 
The growing field of soundscape studies considers sound environments as perceived, in context, with an 
interdisciplinary approach. This paper outlines an ongoing European Research Council (ERC) Advanced 
Grant project, which aims to establish “soundscape indices” (SSID). By taking psychological, 
(psycho)acoustical, neural and physiological, and contextual factors into account, SSID will adequately 
reflect levels of human comfort to integrate side-by-side with (and eventually replace) decibel-based metrics 
into existing (international) regulations, shifting the focus from noise control to a more holistic approach. 
Steps to achieve this include: to characterise soundscapes, by capturing acoustic environments and 
establishing a comprehensive database; to identify key factors and their influence on soundscape quality 
based on the database, by conducting laboratory psychological evaluations, acoustical/psychoacoustic factors 
analysis, and also, to research the neural and psychophysiological underpinnings of soundscape experience, 
by applying techniques such as functional Magnetic Resonance Imaging (fMRI) and Skin Conductance 
Response (SCR); to develop, test and validate the soundscape indices, by analysing the influences of various 
factors; to demonstrate the applicability of the soundscape indices in practice, by establishing frameworks 
for soundscape prediction, design, and standardisation. Ultimately, the findings of SSID will allow for an 
easy assessment of public spaces and the increase of the noise management impact. 
 
Keywords: Soundscape database, Neural and physiological, Contextual factors 

1. INTRODUCTION 
For environmental sound quality, it is widely recognised that reducing the sound level is not always 

feasible or cost-effective. More importantly, with only ~30% of noise annoyance depending on 
physical aspects, such as acoustic energy, sound level reduction will not necessarily lead to improved 
quality of life (1). Soundscape research represents a paradigm shift in that it combines physical, social 
and psychological approaches and considers environmental sounds as a “resource” rather than a 
“waste”, by relating to perceptual constructs rather than just physical phenomena (2–4). 

The decibel (dB) is the most commonly used index to evaluate environmental sound quality, but 
there have been numerous criticisms on its effectiveness, as the correlations between dB and perceived 
sound quality (e.g. noise annoyance) are often low (2). Psychoacoustic parameters, including loudness, 
fluctuation strength, roughness, sharpness, and pitch strength, which are effective for evaluating the 
sound quality of industrial products, have rather limited applicability in environmental acoustics (5) 
where a significant feature is that there are multiple and dynamic sound sources. While it has been 
demonstrated that people perceive/experience acoustic environments differently, there must be 
fundamental factors which determine their perceptions, including psychological, 
acoustic/psychoacoustic, neural and physiological, and contextual factors. 

This paper outlines an ongoing European Research Council (ERC) Advanced Grant project, which 
aims to establish “soundscape indices” (SSID), adequately reflecting levels of human comfort while 
integrating decibel-based metrics. It first presents a framework of developing SSID, including 
relations among soundscape descriptors, correction factors, and indicators, as well as the modelling 
process. It then describes a protocol for capturing acoustic environments and consequently 
establishing a comprehensive database to characterise soundscapes. This is followed by a description 
of the main research themes that are being pursued to identify key factors and their influence on 
soundscape quality based on the database. Finally, the SSID development and application are 
discussed. 
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2. FRAMEWORK FOR SOUNDSCAPE INDICES DEVELOPMENT 
There is an ongoing process of methodological standardization in the soundscape community. The 

urgent need for solutions to overcome (or rather integrate) noise control engineering approaches in 
environmental management policies is prompting increasing efforts in both soundscape research and 
practice to come up with operational tools that can be used to assess and anticipate how urban acoustic 
environments will be perceived. These include soundscape descriptors, indicators, and indices, which 
have been acknowledged as important topics to address. Aletta et al. (6) proposed a definition of 
soundscape descriptors and indicators, where the former are “measures of how people perceive the 
acoustic environment”, whilst the latter are “measures used to predict the value of a soundscape 
descriptor”. Taking a further step, soundscape indices can then be defined as single-value scales 
derived from either indicators or descriptors that allow for comparisons across soundscapes. This 
process is schematically described in Figure 1. 

Developing soundscape indices is a process that requires consideration of how people perceive, 
experience and understand the surrounding sound environment (7). For the purpose of modelling and 
comparisons, it is important that such indices are numerical entities. Aletta  et al. (6) have highlighted 
that the framework for developing soundscape indices could be organised into a three -step process 
based on: (a) collecting soundscape data; (b) characterising the (acoustic) environment; and (c) 
modelling. 

Collecting soundscape data relates to quantifying soundscape descriptors: this process can be 
carried out on site, in simulated and/or reproduced environments, or via recalling the experience in 
memory. Characterising the acoustic environment relates to physical entities of sound phenomena and 
relies on established (psycho)acoustic metrics, such as equivalent sound level, loudness, and other 
related parameters. There is a growing consensus that other non-acoustic factors (e.g., vision, smell, 
etc.) should also be considered in this context (8, 9). The third step relates to modelling the 
relationship between descriptors and indicators. This will, in turn, pave the way for the definition of 
the soundscape indices that will be used as single-value representations of the soundscape quality of 
a place. 

Overall, soundscape indices are important to implement the soundscape approach in urban planning 
and design, with the ultimate goal of creating spaces of high acoustic quality. For this to happen, it is 
therefore required that the soundscape international community makes more efforts to identify and to 
agree on relevant soundscape descriptors and corresponding affecting factors. 

 

 

Figure 1 – A visual schematization of the overall framework for developing soundscape indices 
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3. SOUNDSCAPE DATABASE 

3.1 Protocol for On-site Data Collection 
In order to build a useful soundscape database for the prediction model shown in Figure 1 and to 

cover a reasonable variety of auditory and non-auditory factors, a number of sites around the world 
are being surveyed in the context of the SSID project. A protocol for data collection has been 
established to gather comparable soundscape-related parameters at each site. It comprises soundscape 
descriptors but also a number of other parameters which are speculated to influence human perception 
of the acoustic environment. The protocol gathers subjective and objective data, all quantified to serve 
as soundscape descriptors and indicators. The protocol is being applied on-site following the 
measurement-point approach, where all the metrics are related to a delimited area, i.e. a measurement 
point in an urban open space. 

The subjective responses are being collected on-site in two stages: via questionnaires handed out 
to the untrained participants and via researcher’s notes. The survey questionnaire is based on Method 
A of the ISO/TS 12913-2:2018 (10) and the WHO-5 Well-Being Index (11) and it comprises sound 
source identification, soundscape descriptors, assessment of the overall environment, participants’ 
demographic and socio-economic data, and self-reported well-being. The researcher’s notes describe 
dominant sound events observed by the researchers and comments on participants’ activities prior and 
during the survey (e.g., was a participant part of a group, was he/she passing by or staying in the 
measurement-point vicinity?). 

The objective measurements are being collected in three stages: 
- representative spatial, audio-visual recording directly preceding the collection of subjective 

data; 
- reference binaural recording during the subjective data collection; 
- continuous ‘monitoring-type’ monaural audio and environmental data logging during the whole 

survey session (during both representative and reference recordings). 
The audio-visual recording and environmental data logging are performed using the 360-camera 

(for spatial and reference visual data), a sound level meter, a 1st order ambisonic microphone with the 
accompanying portable audio recorder, binaural recording system and an environmental meter 
(measuring light, humidity, and temperature amongst other parameters). The setup is conceived to 
capture both industry-standard monaural recording needed for calculating environmental sound 
pressure level and psychoacoustic parameters (12) and multichannel recording needed to assess static 
and dynamic spatial characteristics, i.e. movement, localisation, etc. 

The representative spatial recording will serve as the basis for the reproduction of a VR simulation 
in laboratory conditions and for testing physiological responses. It is performed to capture a consistent 
and representative five-minute period. 

 

 

Figure 2 – The research team conducting a survey at Byng Place/Torrington Square in London in March 

2019 

3.2 Case Study Sites 
Over 40 case study sites have been selected in cities all over the world to provide a variety in the 

auditory and non-auditory (physical-contextual and social-contextual) factors. While a majority of 
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sites providing physical-contextual (visual and morphological) and auditory diversity have been 
identified in London, being the project’s base location, a number of sites are being surveyed in China, 
Netherlands, Spain, Italy, Croatia, and France. The sites include different urban scales, uses, activities, 
and ambiances – from pocket squares in residential parts of Shenzhen and communal gardens in 
London to vast monumental squares in Harbin and Shenyang; from an anonymous residential street 
in Granada to the iconic Piazza San Marco in Venice. All physical-contextual factors are being 
measured from a single point of view, using the data available from the 360-camera and the 
environmental meter. 

The meaning embedded in the observed stimuli (qualitative data) has been one of the trademarks 
of the soundscape approach (13). This can be applied to both auditory and non-auditory factors and is 
reflected in keeping track of culturally conditioned soundmarks (music, bells, and signals) and 
landmarks (architectural setting distinguishable as traditional, historical, international or neutral) . 

Auditory factors considered for site selection are based on sound source types (human, natural and 
sounds). They are being characterised regarding their level, dominance in the overall acoustic 
environment, and meaning. 

The main physical-contextual factors considered are: the amount of the visible vegetation within 
the view-field, openness (defined either as the amount of the visible sky or visible horizon), spatial 
complexity (featuring topography and the sky vs ground ratio), the amount of visible water surface 
and the layer of ‘urban and architectural meaning’ (number of items identified as historical/traditional 
or international). Physical-contextual factors have a major influence on soundscape descriptors, 
especially the visually related ones (9, 14). Probably the crucial factor for determining vibrancy is the 
presence of people (8, 9). It can be measured using the video data, either as the number of visible 
people or as the area covered by people. Although being a social factor per se, here it is considered a 
part of the physical context as it is being measured using visual data.  

Social-contextual factors are considered to be influenced by sensorial sensitivity, behavioural 
expectations, and intentions, all expected to be related to participant’s cultural background (2, 13), 
which is the main reason for sampling sites across the world. 

 
Table 1 –Auditory and non-auditory factors observed for site selection 

Auditory factors Non-auditory factors 

 Physical-contextual factors Social-contextual factors 

Sound source type (dominance 

in the acoustic environment) 

Visual (built environment and 

social presence) 

Socio-economic and 

demographic (status, gender) 

Sound source meaning 

(soundmark, music, signal) 

Environmental (illuminance, 

temperature, humidity, wind 

speed) 

Pre-conception and personal 

preference (cultural 

background) 

 
Visual meaning (cultural 

heritage, signalisation) 
Intention (activities) 

 

4. EFFECTS OF PSYCHOLOGICAL, ACOUSTICAL/PSYCHOACOUSTICAL AND 
NEURAL AND PHYSIOLOGICAL FACTORS 

4.1 Acoustic/Psychoacoustic Metrics and Non-Auditory Factors 
The relationship between physical attributes of the environment and the perception of the sound as 

assessed by the people exposed to the environment will be crucial to any proposed soundscape index.  
Previous work on identifying the key acoustic and psychoacoustic parameters has so far yielded 

conclusive results only in the realm of soundscape identification (15) and has indicated that traditional 
acoustic parameters and analysis are insufficient metrics for subjective assessment of a soundscape’s 
overall pleasantness (16). However, progress has been made in determining the relationships between 
(psycho)acoustic parameters and more targeted perceptual attributes such as vibrancy and 
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eventfulness (9, 17). 
Although some research has indicated that aspects of the temporal structure of the acoustic 

environment may be related to attributes such as “chaotic” or “boring”, the current methods for 
evaluating the influence of the temporal structure on soundscape perception are lacking and struggle 
to generalise soundscape assessments over longer timescales.  This study will apply modern advances 
in time series analysis and regression computing toward the development of a metric describing the 
complex temporal structure of measured sound environments. This temporal metric will enable us to 
investigate the relationship between medium- and long-timescale patterns in the acoustic environment 
and components of the assessments of the soundscape. Further regression analysis can contribute to 
improved forecasting of the behaviour and characteristics of acoustic environments, allowing for 
extrapolations of the expected soundscape quality based on relatively short measurements. 
 

4.2 Perceptual Factors and Target Population Assessment Simulation 
Rating of perceptual attributes is a strategy commonly used in soundscape research. One proposed 

method uses a trigonometrical projection over the mean or the median of the distribution of perceptual 
attributes (10, 18). However, some observations (19) show that cross-distributions of ratings across 
paired attributes show patterns that could possibly hide further features to complement or to extend 
the results. Considering the current direction of the state of the art, a pilot study (19) has focused on 
the scaling deviances across ratings of pairs of bipolar attributes. The information from the bivariate 
distribution of these attributes has been examined by means of clustering analysis across multiple 
combinations of features. The results will be used for feature selection to understand the most 
influential combination of features to describe differences between soundscapes which share 
particular properties. These features will be used to highlight psychoacoustic, physical and contextual 
factors, which possibly lay behind distribution patterns of ratings between paired bipolar attributes. 
This information will be further considered in order to choose the best model strategy to be 
implemented in the SSID framework (see section 3.1).  

A further important point is to understand the perceptual differences in the assessment between 
untrained and soundscape-expert subjects. A study to map the differences between these two 
categories (i.e., trained vs. untrained) of subjects will also be taken into account to optimise resources 
in terms of the number of subjects and amount of time needed. This step aims to predict the responses 
in a large scale of casual users by only using the assessment of a few trained people. On the other 
hand, the prediction of general subjects’ assessment can also be implemented and estimated by using 
a dataset augmentation technique by means of Generative Adversarial Networks (20). This strategy 
makes it possible to automatically fill hundreds of surveys, given particular contextual, 
psychoacoustic and environmental parameters/measurements, by simulating a target population which 
can be characterised by age, education, socio-economical distribution, and gender proportions. 
 

4.3 Psychophysiological substrates of soundscape 
The impact of the acoustic environment on humans’ nervous system functionality and structure, 

manifesting as psychological and physical health issues has been long established (21, 22). However, 
the explicit peripheral and central psychophysiological mechanisms underlying this impact are far 
from understood. The psychophysiology behind soundscape may be described as unbalancing the state 
of equilibrium or homeostasis, causing altered behaviours, cognition, and emotions (23, 24). It is 
therefore important to shed light on the impact of sounds on the human nervous system at the 
unconscious level by quantifying the physiological and neurophysiological responses such as heart 
rate (HR), Skin Conductance Response (SCR), and spectral bands/electrical activity of the brain.  

The quantification of the physiological and neurophysiological basis of soundscape, taking into 
account the physical properties of the acoustic environment in a similar context, will be valuable in 
the development of a robust groundwork for determining why individuals perceive acoustic 
environment the way that they do, and in the prediction of the perceptual appraisals. 

The SSID project aims at measuring HR and SCR in response to spatially recorded sounds, 
representing three main categories/sound sources, namely nature, mechanical, and human, in order to 
extrapolate physiological patterns that arise from those sound sources. Additionally, the electrical 
activity of the brain will be probed in response to sounds from single vs. complex sources, back - vs. 
foreground sounds, and short vs. long sounds, respectively, for the purpose of taking one closer step 
toward characterising soundscape at the brain level. Overall, understanding the perception of the 
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acoustic environment at the unconscious level may create a beneficial foundation for 
psychophysiological modelling of soundscape and the characterization of soundscape regarding the 
type of evoked responses. Such results will form a key element in the model for soundscape indices , 
determined by physiological and neurophysiological considerations. 
 

4.4 Neural correlates of soundscape experience 
Based on the results from complex acoustic analyses of the acoustic environment recordings it is 

possible to attempt predictions about people’s perception of sounds present in the environment  (25), 
but yet very little is known from a neuroanatomical perspective about why those predictions might be 
true. Many psychoacoustic parameters, such as loudness, pitch, timbre, and sound location, depend 
on complex spectral and temporal aspects of sounds, and so result in multidimensional perceptual 
sensations (26–28). It is important to understand how the relationships between physical properties of 
acoustic stimuli, neural processing, and their connection with perceptual attributes may be reflected 
in brain processes and how subjective perception might be shaped by contextual modulation of 
auditory connectivity. The use of functional magnetic resonance (fMRI) offers an opportunity to study 
the relationship between physical stimulus properties, stimulus representation in the brain, and their 
connection with perceptual attributes more directly by identifying patterns of activation in response 
to selected sound samples. Since neural responses are not correlated with a listener’s perceptual 
reports until the level of the cortex (29), it is expected that modulations of the cortical activity can be 
linked to the subjectively determined state of soundscape quality. Therefore, the magnitude and extent 
of the cortical activation can be described as a function of physical sound properties and equivalent 
perceptual attributes to provide insights into the relationship between fMRI activation, the 
characteristics of the stimulus, and its perceptual outcome (i.e., the soundscape). 

In order to analyse the acoustic scene, our auditory system needs to be able to extract certain 
stimulus attributes while generalising across other properties. The effectiveness of those processes 
and the ability to listen selectively in complex and noisy environments is crucial to our everyday 
behaviour and effective communication. Since the process of selectively directing attention to a single 
auditory stream in a complex multisensory scene may shape our perceptual organisation of the 
elements present in this scene, attention might be one factor crucial for understanding those processes  
(30). It is thus important to explain how human attention is drawn, and what are the consequences of 
the sustained attention or lack of it, in a dynamic process of perceiving the acoustic environment. 
Another approach employed in this study will be the use of virtual reality and eye-tracking 
technologies which would help to understand the interactions between the auditory and visual signal 
processing (31, 32) as well as to tackle the role of saliency, feature characteristics, and goal-directed 
behaviour in shaping attention distribution. By manipulating sound samples and visual features 
present in the virtual environment, it is possible to extract the information about the existing cross-
modal audio-visual effects and attentional effects driven by different attributes and their influence on 
soundscape. 

Understanding neural mechanisms behind sound perception will feed directly into the proposed 
soundscape indices by explaining the relationship between physical attributes of the environment and 
the perception of the sound as assessed by the people exposed to this environment and providing 
neuroanatomical validation of the results yielded by the current research.  
 

5. SOUNDSCAPE INDICES DEVELOPMENT AND APPLICABILITY 
Based on the statistical examination of the interrelationships among factors in  different facets, 

formula(s) and/or model(s) for soundscape indices can be derived/constructed. The soundscape 
indices may take the form of a single index or a set of indices (also see Figure 1). For the former, it 
could be SSID = f(physical factors) + f(contextual factors) + …, with corrections by socio-
demographical factors and modifications with psychological, neural, and physiological considerations. 
SSID could be a single numerical indicator or a fuzzy indicator of possibilities. The SSID could also 
be calculated with a computer model, rather than an analytical/empirical formula, if there are 
multiple/complex correlations among the determining factors, where artificial intelligence (AI) or 
machine learning (ML) techniques could also be considered (33) For the latter, the SSID will be based 
on a set of formulas or computer models, reflecting multiple attributes (e.g. loudness, calmness, sound 
preference, vibrancy), which could also be regarded as intermediate indices.  
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The SSID project is also addressing soundscape prediction and design. With the above SSID 
models, soundscape prediction tools could be established, with SSID as the key output. The inputs, as 
designable factors, could include various sound sources and their spatial and temporal conditions for 
predicting sound levels, people movements and spatial distribution, and 3D acoustic animation of 
scenarios. Such tools will lead to the future generation of soundscape mapping, going beyond the 
current noise mapping. The development of SSID will provide the foundations for relevant standards 
and policies in sound environment design and regulation. 

6. CONCLUDING REMARKS 
In this paper, the framework and basic steps of developing soundscape indices have been discussed. 

It is expected that this will enhance the underpinning science of soundscape studies, by fostering 
interdisciplinary cross-breeding of emerging scientific ideas. The soundscape indices will support the 
implementation of soundscapes - by integrating into planning policies to better inform the 
management and planning of acoustic environments, allowing for better tailored improvements to 
design the built environment, contributing to creating healthier, more enjoyable and liveable 
environments, with respect to the planning of new living and recreational areas and to the reshaping 
of unsustainable older developments. 
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ABSTRACT 
Augmenting pleasant natural sounds in the noisy urban environment is a key strategy in soundscape design. 
There have been numerous studies on the positive effects of natural sounds on soundscape quality. However, 
little attention has been directed to predictive models that suggest appropriate levels of natural sounds at 
specific ambient noise levels. These models provide a blueprint for practical soundscape design. This study, 
thus, aims to develop prediction models of desirable natural sound levels (birdsong and water sound) to 
enhance the soundscape quality through laboratory experiments based on virtual reality. The laboratory test 
consists of two steps (I and II). In step I, participants were instructed to evaluate traffic sound scenes, ranging 
from 60 to 70 dB, in terms of perceived loudness of noise (PLN) and overall soundscape quality (OSQ). In 
step II, the participants were instructed to adjust the audio levels of bird or water sounds augmented to each 
traffic scene to the most desirable levels while considering the preceding PLN of traffic and OSQ. Based on 
the results, the soundscape predictive models were developed using acoustic indicators to predict the 
desirable natural sound levels corresponding to traffic noise levels. 

Keywords: Soundscape, Virtual Reality, Ecological Validity, Parametric decoding, Ambisonics 
 

1 INTRODUCTION 
Numerous studies have demonstrated the viability of adding natural sounds to a noisy urban environment 

as a soundscape design strategy [1–4]. Of the plethora of natural sounds, water sounds and bird songs have 
been found to be more suitable in an urban context [5]. Despite a fairly large number of subjective studies on 
the effects of natural sounds in noisy urban environments, there has been little focus on the development of 
predictive models to determine the appropriate levels of natural sounds to be augmented in an urban 
environment. Moreover, these studies have relied on subjective assessments on a pre-determined range of 
natural sound levels.  

To gain further insight into the most preferred sound levels, the method of adjustment method is adopted 
in this study to allow the participants to control the natural sound stimulus. Since traffic noise is the most 
prevalent [6], this study focuses on the most persistent source of traffic noise – expressway noise. As a 
preliminary study, an urban residential location flanked by a minor road and an expressway was recorded 
and reproduced in cinematic virtual reality (VR) for evaluation. The natural sounds were spatialised and 
augmented to the VR scene acoustically (i.e. through headphones) and visually (i.e. rendered 3D objects in 
video). The influence on the preferred natural sound levels of both a generic and natural visual representation 
of the sound sources were investigated. 

To achieve increased ecological validity, spatial audio recording and reproduction techniques have been 
increasingly adopted in VR-based soundscape evaluation [7–9]. Owing to its reproduction-format-agnostic 
flexibility, the ambisonic format has emerged as a popular choice. However, linear decoding of the first-order 
representation of the ambisonic format (FOA) possess inherent issues such as timbral coloration in the higher 
frequencies and poor localization of directional sounds. Adoption of high-order formats of at least third- up 
to fifth-order ambisonics have yielded statistically higher timbral quality and localisation accuracy [10–13]. 
Moreover, perceptually motivated parametric decoding methods, such as the COMPASS framework, have 
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been developed to further enhance the perceptual quality of ambisonic recordings [10,14]. To achieve a 
balance between cost-effectiveness and perceptual quality, the third-order ambisonic format decoded to head-
tracked binaural with the parametric COMPASS framework is adopted in this study.   

Therefore, this study investigates the preferred levels of two types of natural sounds (bird and stream) 
augmented to different sound levels of traffic in a cinematic VR environment of a recorded urban space. 
Participants were instructed to adjust the levels of the presented natural sounds to the most desirable levels 
while considering both the perceived loudness of traffic and the overall soundscape quality in terms of 
pleasantness. The subjective responses were then analysed to form a basic framework for a predictive model 
to determine the most suitable natural sound levels corresponding to different traffic noise levels.  

2 METHOD 
2.1 Experimental Design 

Participants were presented with an audio-visual recording of an outdoor traffic scene through a 
VR HMD and headphones in a quiet listening room. For each traffic sound level, the participants were 
chronologically instructed to: (I) evaluate the traffic scene, (II) adjust the sound levels of a natural 
sound that is augmented to the same traffic scene to the most desirable level. These two steps were 
repeated a total of 12 times (3 traffic scenes  2 natural sounds  2 visual stimuli) in a randomised 
order, as described in Table 1. 
 

Table 1 – Description of the 12 test cases 

Traffic Sound Levels (dBA) Natural Sounds Sound source stimuli 
60 Bird Speaker 
60 Bird Bird 
60 Water Speaker 
60 Water Fountain 
65 Bird Speaker 
65 Bird Bird 
65 Water Speaker 
65 Water Fountain 
70 Bird Speaker 
70 Bird Bird 
70 Water Speaker 
70 Water Fountain 

 
2.2 Stimuli 

The audio-visual environment an outdoor traffic scene was recorded in the Nanyang Technological 
University campus with a spherical panoramic camera (Garmin VIRB 360 Action Camera, USA) and 
a third-order ambisonics microphone array (ZYLIA ZM-1, Poland). The audio-visual capturing system 
was mounted on a tripod and fixed at approximately 1.6 m off the ground. The videos were recorded 
in 4K resolution and post-processed for white balance and exposure compensations (Adobe Premiere 
Pro CC 2019). The final video rendered maintains the 4K resolution but encoded in the H.265 format 
with a bit rate of 25 Mbps at 30 frames per second. 

 
2.2.1 Visual Stimuli 

The traffic scene recorded was an open area between two student hostels next to a minor road, as 
shown in Figure 1(a). The minor road is adjacent to an expressway hidden by greenery in the 
background. The visual stimuli in Figure 1(a) is presented through a VR HMD (Pimax 5K Plus, China) 
via the GoPro VR player to the participants during the evaluation of the recorded traffic scene.  

To investigate the effects of augmenting the traffic scene with natural sounds , a 3D object 
representing the respective sound source is rendered into the scene. Effects of both a generic speaker 
sound object and corresponding natural objects were investigated, as shown in Figure 1(b) through 
1(c). Therefore, each natural sound audio stimulus is either paired with the generic speaker or its 
corresponding natural object (i.e. water sounds is paired with a water fountain).  
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(a) (b) 

  
(c) (d) 

Figure 1 – (a) Equirectangular video still of the traffic scene. Video stills of the same traffic scene 

with 3D objects rendered into the scene showing (b) a generic speaker, (c) a water fountain, and (d) a 

sparrow.  

 
2.2.2 Audio Stimuli 

To achieve a higher spatial fidelity, both the recorded traffic and spatialised natural sound 
ambisonic tracks in this study are encoded natively in third-order ambisonics. The recorded traffic 
scene is encoded in third-order ambisonics from a 19-channel track (Zylia Ambisonics Converter 
Plugin, Poland). Both the natural sounds employed, a stream sound and a sparrow chirping, are mono 
tracks that were spatialised into third-order ambisonic tracks via a plugin (Facebook Spatial 
Workstation, USA). The spatialised natural sound tracks were oriented to the location of the sound 
sources (i.e. speaker, bird or fountain), where the azimuth and elevation were set to zero and the 
distance from the listening position was 2 m. After encoding to third-order ambisonics, the tracks are 
decoded parametrically using the COMPASS framework to head-tracked binaural tracks presented 
over headphones. The subjective experiment was administered through a digital audio workstation 
(Reaper, USA) linked via open sound control to the GoPro VR player using a custom workflow. 

The 1-min equivalent sound pressure level of the recorded traffic scene in 2.2.1 was calibrated to 
three levels (60 dB, 65 dB and 70 dB) using a KEMAR artificial head. Hence, participants evaluated 
the same traffic visual stimulus at three sound levels.  

To prevent discomfort and to provide a substantial upper limit (SNR of +10dB at 70 dB traffic 
level), the 1-min equivalent sound levels of both natural sounds were designed to attain a maximum 
of 80 dB during the adjustment stage (i.e. step II in 2.1).  

After each participant has completed the subjective test, the natural sound levels chosen by the 
method of adjustment is played through the same headphones and measured with the KEMAR 
artificial head. The preferred signal-to-noise ratio of each participant is then determined. 
 
2.3 Procedure 

Five participants with normal-hearing (0.125, 0.5, 1, 2, 3, 4, 6, and 8 kHz average pure-tone 
thresholds < 20 dB HL) and exposure to the field of audio or acoustics research were recruited for 
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this study. Formal ethical approval was granted by the institutional review board of Nanyang 
Technological University (NTU) for this study (IRB-2018-02-024). Informed consent was obtained 
from each participant prior to the start of the experiments. 

For each of the 12 natural sound and 3D object pairs at different sound levels, the participants were 
instructed verbally to provide their subjective assessments in two steps as described in 2.1. In step I, 
the participants evaluated the overall soundscape quality and perceived loudness of the traffic sound 
for a duration of 1 min. To judge the perceived loudness of the traffic sound, participants were asked: 
“What is your overall impression of the traffic sound in terms of its loudness? ”. The overall 
soundscape quality was assessed based on the perceived pleasantness of the sound environment, where 
participants were asked: “How pleasant is the overall sound environment?”. 

In step II, a randomly chosen 3D object and natural sound pair was projected through the VR HMD 
and headphones to the participant, respectively. Participants were instructed to adjust the sound levels 
of the natural sound to their most comfortable levels while considering the preceding overall 
soundscape quality and perceived loudness of the traffic sound.  

3 RESULTS 
Mean preferred signal-to-noise ratios (SNRs) as a function of the traffic noise levels for birdsong 

and water sounds are plotted in Figure 2(a) and 2(b), respectively. No significant differences in the 
preferred SNR were observed between natural 3D object (i.e., bird/fountain) and the speaker 3D 
object. The mean preferred SNR were lower than 0 dB across the three different traffic noise levels 
for both birdsong and water sounds. This supports the findings in previous studies that similar or 3 
dB lower sound pressure levels (SPLs) of natural sounds were preferred in combination with urban 
noises [15,16]. Overall, there were moderately negative correlations between the preferred SNRs and 
traffic noise for birdsong and water sounds.  

 

  
(a) (b) 

Figure 2 – Signal-to-Noise Ratio as a function of traffic noise levels: (a) birdsong and (b) water sound. 
Error bars indicate standard errors. 

 
Mean rating scores of the PLN for traffic noise-alone, traffic noise combined with birdsong and 

water sounds as a function of the traffic noise levels were plotted in Figure 3(a) and 3(b), respectively. 
The PLN increased as the traffic noise increased. It was found that introducing natural sounds (i.e., 
birdsong or water sounds) could reduce the PLNs of traffic noises at 60 dB and 65 dB, while the effect 
of natural sounds on reducing the PLN was relatively small when the traffic noise was 70 dB, which 
corresponds well with findings of a previous study [1]. In terms of the type of 3D object, there were 
no significant differences in reduction of the PLN between actual sound hologram (i.e., bird / fountain) 
and speaker hologram. 
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(a) (b) 

Figure 3 – Mean rating score of perceived loudness of noise as a function of traffic noise levels: (a) 
birdsong and (b) water sound. Error bars indicate standard errors. 

 
Figure 4 shows the mean rating scores of the OSQ for the acoustic stimuli (traffic noise -alone, 

traffic noise combined with birdsong and water sounds) across three different traffic noise levels. As 
expected, the OSQ scores decreased as the traffic noise increased. In comparison, it seems that the 
effect of natural sounds on OSQ was relatively greater than that on PLN. It was observed that the 
effects of birdsong and water sounds were significant for enhancing the OSQ for all the traffic noise 
levels. There were no significant differences between birdsongs and water sounds as shown in  Figure 
4(a) and 4(b), respectively. Similarly, no significant difference between the natural 3D object and 
speaker 3D object were found in OSQ.  

 

  
(a) (b) 

Figure 4 – Mean rating score of overall soundscape quality as a function of traffic noise levels: (a) birdsong 
and (b) water sound. Error bars indicate standard errors. 
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4 CONCLUSIONS 
Although there were limited participants were recruited for this preliminary study, the trends 

observed in this VR-based evaluation with parametric spatial audio reproduction are in agreement 
with previous audio-only evaluations. The participants experienced an overall reduction in perceived 
loudness and improvement in soundscape quality across all traffic noise levels and with both natural 
sound types. A lower natural sound level (i.e., negative SNR) was also preferred across all traffic 
noise levels.   

There are also encouraging signs indicating that the introduction of man-made sound sources (i.e., 
speakers) do not affect the perceived loudness and pleasantness of the acoustic environment. Besides 
increasing the number of subjective responses, a larger range of traffic sound levels and locations 
could be included to obtain a deeper insight.  
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ABSTRACT 
Many studies have investigated the effect of natural sounds on improving soundscape quality under 
controlled laboratory conditions. The laboratory settings are, however, limited in reflecting real-life settings, 
resulting in low ecological validity. In situ experiments can provide a realistic representation of the real-life 
settings, which can guarantee high ecological validity. Recently, augmented reality (AR) technology provides 
an avenue for virtual augmentation of visual and audio elements in the real environment. Therefore, this study 
investigates the preferred levels of two types of natural sounds (bird and stream) in a noisy in situ 
environment using an AR head-mounted device (HMD). Two locations in an outdoor residential area, with 
background traffic noise levels varying between 60 to 70 dBA, were selected for the in situ experiment. 
Participants were instructed to adjust the volume of the natural sounds playing via the loudspeakers of the 
AR HMD to their most preferred levels at each location while considering the perceived loudness of traffic 
and overall soundscape quality in terms of pleasantness of the overall sound environment. Based on the 
results of the experiment, the effects of types of natural sounds and background noise levels on determining 
the preferred levels of natural sounds were examined.  
 
Keywords: Soundscape, Augmented Reality, Natural Sounds, Ecological Validity 
 

1 INTRODUCTION 
In the soundscape approach, pleasant natural sounds are employed as design elements to mask 

traffic noises in outdoor areas [1]. Various studies have investigated the effects of natural sounds (e.g., 
water sound and birdsongs) for enhancing acoustic environment [2–6]. It has been found that sound 
level of natural sounds is one of the important acoustic factors to design desirable  soundscape. Some 
have found that similar or 3 dB lower sound pressure levels (SPLs) of natural sounds are preferred in 
combination with urban noises [7,8].  

However, most of the previous studies on the effects of natural sounds have been conducted in 
controlled laboratory conditions. Laboratory experiments allow for the design and control of 
experimental variables, which can yield more consistent results and allow for repeatability. However, 
laboratory settings may be limited in reflecting real-world conditions, resulting in low ecological 
validity, and limiting the generalization of findings to real-life scenarios. In contrast, in situ 
experiments can provide a realistic representation of the real-life settings, which can guarantee high 
ecological validity  [9–12]. Since in situ experiments does not allow for direct control of independent 
variables such as natural sound levels or type of natural sound in the field, these methods have been 
primarily used to characterize the existing acoustic environment [13–15]. Recently, the 
consumerization of augmented reality (AR) technology has enabled the virtual augmentation of visual 
and audio elements in the real environment [9]. Thus, with an AR device, natural sounds can now be 
introduced and controlled, and their preferred sound levels can be investigated in realistic situations 
to validate the findings of previous laboratory studies.  

Hence, this study investigates the preferred levels of two types of natural sounds (bird and stream) 
in a noisy in situ environment using an AR head-mounted device (HMD). Preferred natural sound 
levels may be affected by the characteristics of not only the surrounding noise, but also the natural 
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sound type itself. Thus, in situ experiment was designed to consider varying traffic noise levels and 
type of natural sounds pair with visual elements representing the sound sources. 

 

2 METHOD 
2.1 Experimental Design 

As shown in Figure 1, two locations were selected in the vicinity of the student hostels that are 
flanked by an expressway in order to vary background traffic noise levels. Since location B was closer 
to the expressway than the location A, A-weighted SPL at location A was approximately 4–5 dB louder 
than that at location B. Throughout the experiment, the sound levels experienced by the participants 
were captured using a calibrated binaural microphone (Brüel & Kjær TYPE 4101-B, Denmark) and a 
portable data acquisition system (HEAD acoustics SQobold, Germany). To evaluate the augmentation 
of a natural audio-visual stimuli, participants were also fitted with an untethered AR HMD (Microsoft 
Hololens, USA), as shown in Figure 2. 

At each location, the traffic levels were firstly evaluated for approximately one minute in terms of 
the perceived loudness and overall pleasantness. Subsequently, a natural sound (i.e. stream sound or 
sparrow call) along with a hologram (i.e. generic speaker or bird/fountain) were projected through the 
AR HMD. Since the traffic sound levels are fluctuating, the traffic sound levels were re -evaluated 
before each natural sound and hologram pair. Hence, in each test case the participants were 
chronologically instructed to: (I) evaluate the traffic scene, (II) adjust the sound levels of a natural 
sound that is augmented to the same traffic scene to the most desirable level , and (III) evaluate the 
combined scene. These three steps were repeated a total of 4 times (2 natural sounds  2 visual stimuli) 
in a randomised order at each location. 

 

  
(a) (b) 

Figure 1 – Two outdoor locations where the soundscape evaluations were conducted: (a) location A: 
pedestrian walkway beside a busy road parallel to an expressway behind the greenery in the background, and 
(b) location B: an open area facing a small section of a minor road parallel to an expressway behind the 
greenery in the background. 

 
Figure 2 – Equipment setup for the in situ AR experiment 
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2.2 Stimuli 
Two natural sounds were used in this preliminary trial, a sparrow call and a stream sound  which 

were evaluated as preferable natural sound in a previous study [16]. The audio stimuli were spatialised 
to emulate a point sound source emitting from the hologram position located 2 m away at zero azimuth 
and elevation (Microsoft Windows SDK Spatializer Plugin, USA). The natural sound stimuli were 
presented via the downward-firing speakers of the AR HMD.  

In step II of the evaluation described in 2.1, the sound levels of the natural sounds were adjusted 
via a Bluetooth keyboard. Participants were allowed to adjust the normalised sound levels from 0 
(silence) to 100 (loudest), where 100 represents the 1-min equivalent sound level of approximately 80 
dB for both stimuli. 

To obtain the contribution of the natural sound stimuli in the absence of the ambient sounds, 
participants were brought to a quiet room after the outdoor evaluation. All the natural sound stimuli 
were reproduced at the participants’ chosen levels whilst ensuring the downward-firing speakers of 
the AR HMD were at the same position as measured during the outdoor evaluations.  

 
 

  
(a) (b) 

  
(c) (d) 

  
(e) (f) 

Figure 3 – Actual rendering of the 3D holograms through the augmented reality headset of (a) a speaker, (b) 
a fountain, and (c) a bird, at location A. Renders of the 3D holograms of (d) a speaker, (e) a fountain, and (f)
a bird, at location B. 
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The natural sounds were presented to the participants in conjunction with holographic projections 
that mimic the presence of “real” sound sources in the outdoor environment. Two types of holograms 
were employed in this study, a generic sound source (i.e. an ovoid speaker) and a corresponding 
natural sound source (i.e. water fountain hologram projecting water sounds, a sparrow hologram 
projecting sparrow calls). The real-world render as captured through the AR HMD of the generic, 
fountain and bird hologram in location A are shown in Figure 3 (a) to (c), respectively. The same 
holograms projected through the AR HMD in location B are shown in Figure 2 (d) to (e), respectively.  

 
2.3 Procedure 

For this preliminary study, three participants with normal-hearing (0.125, 0.5, 1, 2, 3, 4, 6, and 8 
kHz average pure-tone thresholds < 20 dB HL) were recruited for this study. Formal ethical approval 
was granted by the institutional review board of Nanyang Technological University (NTU) for this 
study (IRB-2018-02-024). Informed consent was obtained from each participant prior to the start of 
the experiments. 

For each of the four natural sound and hologram combinations at each location, the participants 
were instructed to provide subjective assessments in three steps, as described in 2.1. In step I, the 
participants evaluated the overall soundscape quality and perceived loudness of the traffic sound for 
a duration of 1 min. The ambient environment during the 1-min evaluation was captured through the 
binaural microphone worn by the participant. This 1-min capture represents the equivalent sound 
pressure level before the natural sound augmentation. 

Immediately after, in step II, a randomly chosen natural sound and hologram pair was projected 
through the AR HMD to the participant. Participants were instructed to adjust the sound levels of the 
natural sound to their most comfortable levels while considering the overall soundscape quality and 
perceived loudness of the traffic sound. 

Lastly, in step III, the participants were instructed to re-evaluate the overall soundscape quality 
and perceived loudnesss of the traffic sound for 1 min. Similar to step I, the 1-min evaluation of the 
ambient environment was captured with the binaural microphone on the participant.  Hence, the signal-
to-noise ratio for each test case is determined by 

 
  (1) 

where,  refers to the 1-min equivalent A-weighted sound pressure level in dB captured 
during step I, and  refers to the 1-min equivalent A-weighted sound pressure 
level in dB captured during step III.  
 

3 RESULTS 
Figure 4 (a) and (b) show the mean  values of traffic, preferred bird and water sound levels 

as a function of location A and B, respectively. Mean background noise levels ( ) at location A 
and B were 66.0 dB (SD=1.8 dB) and 73.2 dB (SD=1.9 dB) showing approximately 7 dB difference 
between the locations. As shown in Figure 4(a), the mean preferred level for the birdsong was ~73 dB 
at both locations A and B. Meanwhile, the mean preferred level for water sound was ~70 dB, which 
is slightly lower than that of the birdsong as shown in Figure 4(b). There were no significant 
differences between the generic (i.e., speaker) and representative (i.e., bird/fountain) holograms.  

The preferred SNRs as a function of the traffic noise levels are shown in Figure 5. There were 
significant negative correlations between the preferred SNRs and traffic noise for both birdsong and 
water sounds. This demonstrates that as the background noise level increases, participants preferred 
lower natural sound levels than the background noise levels and vice versa. 

The prediction models for the preferred SNR for the birdsong and the water sound were obtained 
from simple linear regression analyses as shown in equations (2) and (3). The coefficient of 
determination (R2) for the models of the birdsong and water sounds were 0.66 and 0.58 (p < 0.001). 

 
  (2) 

 
  (3) 
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where,  refers to the 1-min equivalent A-weighted sound pressure level. 
 

  
(a) (b) 

Figure 4 – Mean A-weighted equivalent sound pressure levels of traffic noise and masker sounds as a 
function of the location (a) birdsong and (b) water sound. Error bars indicate standard errors. 
 

 

  
(a) (b) 

Figure 5 – Signal-to-Noise Ratio as a function of traffic noise levels: (a) birdsong and (b) water sound. 
Error bars indicate standard errors. 

 

4 CONCLUSIONS 
Although there were limited subjective responses in this study, a clear negative correlation was 

observed between the signal-to-noise ratio and the sound pressure levels of the traffic noise for both 
types of natural sounds. Observations at higher traffic noise level seem to agree with previous studies 
where a lower level of water or bird sound was preferred [6,7]. However, at lower traffic sound levels, 
the trend deviates from previous studies. It is also worth noting that there was no significant difference 
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between the generic and natural visual representations of the sound source, which suggests that 
integration of speakers into the urban environment is a viable soundscape design  option. However, 
these observations are based only on the perception of perceived loudness and pleasantness. Hence, 
this experiment should be expanded to include rating responses of perceived loudness and 
pleasantness from a larger pool of participants. 
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 Passenger’s Train Soundscape: Identification of Activities 
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Wellviestu ZAKRI4; Anugrah Sabdono SUDARSONO5; Sugeng Joko SARWONO6  

1,2,3,4,5,6 Laboratory of Building Physics and Acoustics, Institut Teknologi Bandung, Indonesia 

ABSTRACT 
Passenger’s train is an environment where people are exposed by mechanical sound and the sound of human 
activity. The passengers need to be in the same acoustic environment for a period of time, so a comfortable 
environment is a necessity. Soundscape intervention can be applied in this case with the consideration of 
passenger’s activity. This study tries to identify the activities in a passenger’s train with 9 hours (07:20-16:20) 
journey. 
There are several activities identified in the train: sleeping, eating, going to the toilet, and using mobile phone. 
In general, when the passengers are not sleeping, they are using mobile phone. The passenger tends to sleep 
during three periods of time. The eating activity happens once after the first sleeping period. The passenger’s 
going to the toilet twice during the journey. First, after two hours of journey and after 5 hours of journey. The 
study has identified the passenger’s activity during nine hours train journey. The result of this study can be 
beneficial to design acoustic environment scenario which considers the different activity. 
Keywords: Sound, Insulation, Transmission 

1. INTRODUCTION 
Since becoming one of the most advanced and developed transportation [1], many people choose 

the train as their transportation. As train’s passengers, they are exposed by mechanical sound and 
human activity sound during the journey [2]. Train’s passengers have to stay on the train and perceive 
same acoustic environment for a period of time during the journey. Since they cannot change the 
acoustic environment when it feels uncomfortable, acoustic comfort became one of the important 
aspects to be considered.   

Train in Indonesia classified into two different groups, local train and inter-city train. Most of 
inter-city trains have more than 8 hours of travel time [3]. The object of this study is long journey 
train with 9 hours (07:20 – 16:20) travel time. There are several activities on the train during the travel 
time and every activity needs different acoustic environment. The aim of this study is identifying the 
dominant activity per period of time during the journey. Different activities also give different 
perception to the acoustic environment. The results from identification can be used to determine the 
suitable soundscape intervention will be applied. 

Previous study had been done on the train with 3 of hours travel time [2]. The result of the study 
showed monotonous activities from the departure until the arrival so the same acoustical environment 
could be applied during the travel time. 

2. LODAYA TRAIN 
The train will be identified in this study is Lodaya train which classified as inter-city train with 8 

hours and 41 minutes travel time. Lodaya train has average velocity at 60-100 kilometers per hour. 
Lodaya train is mass railway transportation provided by Indonesian Railways Company (PT KAI) 
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purposely serving passengers from Bandung to Solo, and vice versa . 
The train usually leaves Bandung Hall Station at 07:20 in the morning and at 18:55 at night. 

Meanwhile, the train leaves from Solo Balapan Station at 07:10 in the morning and at 19:10 at night. 
It provides 2 classes of train, executive class and economy class. This study is focused on economy 
class of Lodaya train with departure time 07:20 from Bandung Station and have 80 seat capacity [2] . 

 

 
Figure 1 – Economy Class Passenger Train of Lodaya [4] 

3. METHODS 
The analysis was conducted by in-situ measurement. In-situ measurement was performed by direct 

observing on the train and writing down passenger’s activities every 30 minutes during the journey. 
The data of observing on the train provided information about dominant passenger’s activities every 
30 minutes. 

Besides observing, an objective measurement was also done to get objectives parameter. The 
objective evaluation was done by sound recording inside the train during the journey. Thus, the data 
represent whole condition of the journey. The measurement was done in the passenger’s train using 
binaural recording during the journey. In addition to binaural recording, the devices used to obtain 
objective parameters are Zoom H2n Handy Recorder and Zoom H3-VR Handy Recorder. This 
measurement takes place in the middle seat of the train’s cart that could represent the whole acoustic 
environment on the passenger train. 

Objective measurement would provide several parameters such as sound pressure level, L eq, L10, 
L90, and L50. Background noise on the train is represented by L90 and eventual sound is represented by 
L10. This eventual sound is mostly caused by passenger activities. Thus, there was a correlation 
between passenger’s activities and sound pressure level on the train. 

The result from objective measurement will be compared with the result of observing passenger’s 
activities every 30 minutes during the journey. From these measurements, the basic for designing 
suitable acoustic environment on the long-distance train can be obtained. The proper acoustic design 
based on the passenger’s activities will help passengers feel comfort although it’s a long journey. 

4. RESULT 

4.1 Sound Pressure Level Analysis 
Objective measurement was performed to collect sound level data during the journey. In this study, 

sound level data was collected for 8 hours and 41 minutes and calculated for every 30 minutes to get 
Leq, L10, L50, and L90 data as shown in Figure 2. 
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Figure 2 – Sound Pressure Level in the Lodaya Train 

Figure 2 shows the value of Leq, L10, L50, and L90 are fluctuating during the journey. Generally, the 
value of LAeq in this train is around 64.5 dBA. L90 value indicates background noise level in the 
passenger’s train which comes from train movement. L90 value decreases at 09:21 – 10:20, 10:51 – 
11:21, 12:51 – 13:20, and 13:51 – 13:50 because of the train stopped at several stations. Nonetheless, 
L90 value increases at last 11 minutes of the journey because of the other sound sources beside noise 
from train movement as background noise. 

Table 1 – Range Value of Sound Pressure Level 

 Maximum Value, dBA Minimum Value, dBA Range, dBA 

Leq 68.4 57.6 10.8 

L10 74.0 60.3 13.7 

L50 65.7 57.3 8.4 

L90 61.9 52.4 9.5 
 
L10 value indicates incidental sound level in the passenger’s train and it increases at 08:51 – 09:20, 

09:51 – 10:20, 11:21 – 11:50, 12:51 – 13:20, and 13:51 – 14:20. Table 1 shows the value of L10 has 
the highest range than the other value. It indicates there are variated incidental sound with variated 
level during the journey. Most of incidental sounds came from passenger’s activities in the train. There 
are a wide difference between L10 and L90 at 07:21 – 07:50, 09:51 – 10:20, 10:51 – 11:21, 11:21 – 
11:50, 12:51 – 13:20, and 14:21 – 14:50 more than the average difference. Incidental sounds with high 
sound pressure level appeared at those time. 

The value of Leq has similar fluctuation with the value of  L10 and increases at the same time. The 
trend of the value could be seen in Figure 2 but the sound sources could not be identified. Consequently, 
further analysis must be done to identify dominant sound sources related to the sound level 
measurement. Dominant sound sources could be identified by analyzing spectral sound level 
measurement. 

4.2 Spectral Sound Level Analysis 
Figure 3 showed the correlation between sound pressure level, frequency and measurement time. 

Dominant frequency of measured sound inside the train is low frequency between 100 Hz – 315 Hz 
and constantly measured during the journey  The result of sound pressure level measurement showed 
fluctuated value but still stable because the increment and decrement were not too high. The increasing 
sound pressure level appeared at 09:51 – 12:20. The increment occurred at higher frequency up to 
1000 Hz. The increasing sound pressure level also occurred at lower frequency at 09:51 – 12:20 and 
11:51 – 12:50. The increment occurred at 63 Hz. The increasing sound pressure level at several range 
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frequency was caused by incidental sound sources. Otherwise, there was a decreasing sound pressure 
level occurred at 09:21 – 09:50. 

 

 
Figure 3 – Spectral Sound Level of Lodaya Train 

Dominant frequency values can be used to identify dominant sound sources in the train. The low 
frequency as dominant frequency explained that the dominant sound source is mechanical sound. 
Mechanical sound could come from friction between the wheel and the rail causing vibration that 
propagates through the structure of the train [5]. Mechanical sound would appear along the journey. 

The decreasing sound pressure level at 09:21 – 09:50 indicates mechanical sound from train 
movement disappeared due to train stopped at the station for a long time. On the other hand, the 
increasing sound pressure level at several periods of time indicates occurrance incidental sound from 
passenger’s activity. The sound from activities has frequency characteristic up to 1000 Hz. 
Passenger’s activities with frequency up to 1000 Hz is conversation. The result of objective 
measurement must be validated by in-situ measurement of activities. 

In-situ measurement of activities was done by writing down passenger’s activities every 30 minutes 
during the journey. The data shows there were four dominant passenger’s activities on the train. The 
dominant passenger’s activities were conversation, eating, sleeping, and using mobile phone.  

4.3 Identification of Passengers Activities 
There were different dominant activities for every period. There were conversation, eating, 

sleeping, and using mobile phone. Conversation activities occurred 5 periods during the journey. 
Eating activities also occurred 5 periods during the journey but at different periods. Sleeping and 
Using mobile phone occurred at 4 periods of time. 
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Figure 4 - Dominant Passenger Activities 

The dominant activities are divided into two different groups of activities with different appearance 
period. As shown in figure 4 conversation and using mobile phone appeared as dominant activities at 
most of the same period. Those activities appeared at the beginning of the journey, in the middle of 
the journey and the end of the journey. Eating and sleeping as the other dominant activities also 
appeared at the same period. The figure 4 showed the passengers tend to eat or sleep when they are 
not chatting or using mobile phone. 

4.4 Correlation between Objective Measurement and Identification of Passenger 
Activities 

Sound pressure level measurement result is consistent with the identification of passenger’s 
activity result. Sound pressure level measurement result showed Leq value is fluctuating and increasing 
at 09:51 and identification of passenger’s activity result showed conversation activity showed at the 
same period. The data was also strengthened by spectral sound level analysis result. The sound 
pressure level increased at mid and high frequency up to 1000 Hz at those periods. Conversation has 
a frequency characteristic between 250 Hz – 4000 Hz [6]. Accordingly, conversation is correlated to 
Leq with correlation coefficient 0.3. 

Some improvements would be necessary to achieve acoustic comfort in the passenger’s train. Due 
to different dominant activities for every period during the journey, it needs different acoustic 
environment. Thus, suitable soundscape intervention could be applied differently for every  period 
during the journey. 

5. CONCLUSIONS 
The value of Leq L10, L50, and L90 were fluctuating during the journey and the value of LAeq in this 

train during the journey is around 64.5 dBA. Fluctuation of Leq’s value same as fluctuation of L10’s 
value because of incidental sounds. The increasing sound pressure level was caused by passenger ’s 
conversation. It is shown by the value of the correlation coefficient between Leq and conversation 
appearance frequency. It is also strengthened by spectral analysis result that shows increment sound 
pressure level at high frequency up to 1000 Hz. Identification of passenger’s activity result explains 
there were four dominant passenger’s activities. There were conversation, eating, sleeping, and using 
mobile phone. Those dominant activities appeared at different periods of time. Thus, soundscape 
intervention should be applied differently for every period during the journey.  
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The relationship between activities and human perception in urban 
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ABSTRACT 
One of the factors that affect human activity in the urban open public is the acoustic 

environment. The acoustic environment consists of many aspects such as sound sources, noise 
condition, and perceptions. This study tries to analyze the relationship between human activity and 
the perceived expectation of public spaces in the urban area. The experiment was conducted using 
an acoustic environment simulator. In this study, the participants were requested to compose several 
soundscape compositions of the urban area which is suitable to do some activities. The composition 
must represent the environment for doing individual activities (e.g. reading and relaxation) and 
social activities (e.g. talking and playing with children). After that, the participants were asked to 
rate their compositions according to the perception of comfort, dynamics, and communication. The 
result shows that the perception’s rating from two different activities is significantly different. The 
participants need to have a comfortable soundscape for doing both individual and social activities. 
However, they need more comfortable soundscape for individual activity. Regarding the perception 
of dynamics and communication, the participants prefer more varied and communal soundscape for 
doing social activities while individual activity needs to have a simple and private sonic soundscape . 

 
Keywords: Activity, Human Perception, Urban Area, Soundscape 

1 INTRODUCTION 
 Humans who lived in an urban environment are at higher risk of mental stress  (1) (2). Urban 

open public spaces are vital for citizens as the facilitator of physical activities and social 
engagement. These are important to maintain the mental health of citizens  (3). Citizens can utilize 
open public spaces to do various activities. Some humans came to public spaces to do individual 
activities (e.g. reading and relaxation) and social activities (e.g. talking and playing with kids)  (4). 
An optimal public space can enhance citizens' experience when performing previously mentioned 
activities. The optimal condition of urban open public spaces for certain activity will be different 

One of the factors that affect open public space condition is the acoustic environment, which was 
resulted by sounds. This factor is in the form of sound sources, environmental noise, and human 
perception. Acoustic environment assessments are generally conducted through the identification of 
noise sources and sound pressure levels. Identification results are processed for further control. 
However, previous researches have shown that the reduction of sound pressure levels does not 
always increase human comfort  (5). This conclusion implies that it is necessary to use a different 
approach which incorporates human perception. 

The International Organization of Standardization defined soundscape as the acoustic 
environment as perceived or experienced or understood by a person or people (6). This definition 
includes hearing sensations, interpretation to a sensation, and human response to the acoustic 
environment (7). Accordingly, soundscapes are closely related to the interaction of acoustic 
environments and human perception. Human perception of soundscapes is affected by location, 
personal and emotional experience, demography, time, and the type of activity  (8) (9) (10).  
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Soundwalk, interview, questionnaire, focus group discussions, and laboratory simulations are 
several commonly used methods in soundscape research  (7). Several methods are in-situ while 
others are ex-situ. Ex-situ methods include laboratory simulations. This method will generate an 
acoustic environment in a controlled laboratory. The acoustic environment is created by combining 
and manipulating sound recordings from the site (11).  

Laboratory simulations are utilized to gain knowledge on urban open public spaces. Acoustics 
environment simulator can be used to help in comprehending the relationship between sound objects 
and soundscape. The downside of in-situ methods is that researchers have no control over sound 
sources in the environment. Moreover, researches cannot measure the parameters for each sound 
object. These drawbacks are facilitated by the simulation method (12). Soundscape components in 
urban open public spaces are related to the human perception within it. Bruce (11)discovers that user 
expectations affect the resulting description of public space soundscape. In soundscape urban open 
public spaces, there are 3 dimensions of human perception such as calmness/relaxation, 
dynamic/vibrancy, and communication (12). 

The relation between activities and human perception on urban open public spaces will be 
analyzed in this research by the method of simulation. Activities studied will include both individual 
and social. Acoustics environment simulator is used to recreate sound compositions from sound 
source recordings on urban open public spaces. Simulation results will be analyzed to find the 
perception difference shaped by these 2 types of activities.  

 

2 EXPERIMENT 

2.1 Simulation 
Participants composed sonic environments that are suitable to do individual and social activities 

and rated their perception through semantic scales differential. Besides that, they could adjust the 
sound level and position. The experiment was conducted using an acoustic environment simulator in 
a listening room in Institut Teknologi Bandung, Indonesia. Figure 1 shows the simulation by the user 
who is also one of the authors of this paper. The user in this simulator manipulated the soundscape 
compositions by using a control panel on the interface (13), as it is seen in figure 2. They could add 
or remove the twenty-six sound sources and adjust the sound level and position. Twenty-six sound 
sources were clustered into three groups that are natural, mechanical, dan human activities sound 
sources (figure 2). For instance, the natural sound sources are rain and birds chirping. Conversation 
and footsteps are in the human activity group. Vehicle and train are mechanical sound sources. 
Semantic differential scales were rated in this interface after soundscape compositions were made. 
Calibration had been done before the simulator was used by the respondents.  

Equipment that was used in this simulation was eight speakers which surround the respondents. 
Three software, such as PureData, Reaper, and LoopMIDI, are used. PureData is used as an 
interface. Reaper is used as the digital audio workstation. PureData and Reaper in connected by 
LoopMIDI. (14).  
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Figure 1 - Simulator set up 

 
Figure 2 - Urban soundscape simulator interface 

2.2 Subjects 
Fifty-one participants (twenty-seven females and twenty-four males) joined the experiments. All 

participants were students (18 to 25-year-old) with varied backgrounds. The soundscape 
compositions were done for half to one hour for each respondent. 

2.3 Procedures 
The participants were requested to compose four soundscape compositions of the urban area 

which is suitable to do certain activities. The composition must represent the environment for doing 
individual activities (e.g. reading and relaxation) and social activities (e.g. talking and playing with 
children). Afterward, they were asked to rate their compositions according to the dimension of 
perception that are comfort (uncomfortable-comfortable), dynamics (varied-simple), and 
communication (communal-private) based on the two-dimensional ambisonic system (6).  
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3 RESULT AND DISCUSSION 
The data are analyzed by T-test analysis and Freeviz analysis using Orange. T-test analysis is 

used to see the relationship between activities and human perception. To see the most influential 
human perception based on activities, Freeviz analysis is used. Firstly, T-test analysis is conducted. 
Table 1 and the chart in Figure 3 show the respondents’ perception of individual and social 
activities. Generally, all the activities have a positive rating for comfort dimension and in terms of 
dynamics and communication dimension, individual activities such as reading and relaxation, have a 
positive rating on one hand. On the other hand, social activities which are talking and playing with 
children tend to have a negative rating.  

The participants need to have a comfortable soundscape for doing all the activities. The 
difference is that individual activities’ rate which is 3.85 tend to have more comfortable soundscape 
than social activities’ rate that is 1.94. The focus on doing social activities such as talking and 
playing with children activities is the relationship with other people. Participants do not really care 
about the high level of comfortableness when having an interaction with one another.  

In terms of dynamics, individual activities show a positive rating which means it shows a 
preference to experience simple sonic soundscape. In contrast,  the varied sonic soundscape is 
preferred by social activities at -1.31. The attention is located on how they do the activities. 
Individual activities, for instance, reading and relaxation are the activities that require a simple 
sonic soundscape. However, social activities need a varied sonic soundscape which is suitable to 
interact with each other.  

Communication dimension shows a similar result as the dynamics dimension, but it has a higher 
rating compared to dynamics dimension. Although social activities’ rate at -2.54 would rather have a 
communal sonic soundscape than private, the rating of individual activities’ preferences shows that 
they prefer a private sonic soundscape. People do activities such as reading and relaxation privately. 
By contrast, social activities are done by doing socialization, for instance, talking and playing with 
children. People’s preferences on the dimension of communication depend on the relation and 
interaction with other people. When they do individual activities, they tend to have a private sonic 
soundscape. 

 
Table 1 - Respondents' perception on social and individual activities 

  COMFORT DYNAMICS COMMUNICATION 
Perception Error Perception Error Perception Error 

SOCIAL  1.94 0.43 -1.31 0.58 -2.54 0.47 
INDIVIDUAL 3.85 0.24 1.93 0.55 2.50 0.54 
 

 

Figure 3 – Dimension of perception on social and individual activities 

Secondly, the analysis to see the most influential perception based on activities is done by using 
Freeviz analysis. Based on Figure 4, the circular anchor shows that the dimension of dynamics has 
the least influential. Comfort dimension and communication dimension have an influence on how 
people percepts on individual and social activities. Comfort and private sonic soundscape influence 
the human perception on how they do the individual activities. Simple dynamic dimension does not 
really influence the perception. Otherwise, comfort and communal sonic soundscape influence the 
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perception on doing social activities. 
 

 

Figure 4 – The influence of perceptions to individual (0.0) and social activities (1.0) 

4 CONCLUSION 
The relationship between human perception and activities is that individual activities require 

comfort, simple, and private dimension of perception while social activities need comfort, varied, 
and communal sonic soundscape. The most influential perception to individual and social activities 
is comfort and communication dimension. The dimension of dynamics is the least influential 
perception to individual and social activities. 
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Abstract 
Sound environment is an essential component of overall environment and reflects the characteristics of a 
city. Unfortunately, some precious soundscapes are gradually disappearing with the rapid development of 
cities. Therefore, preserving urban soundscapes is as important as noise control in order to create a good 
urban environment. In this study, a questionnaire survey was first carried out in Tianjin to investigate the 
urban soundscapes that should be preserved. Totally 2504 respondents, including residents and tourists 
participated in the survey, and 158 urban soundscapes were chosen by them as being worthy of preservation. 
Twelve of these soundscapes were selected as representatives for a group soundscape walk to explore the 
characteristics of soundscapes worthy of preservation. The result shows that relaxation, vibrancy, 
representativeness, strength, and richness were prominent characteristics of the soundscapes deemed 
worthy of preservation. Meanwhile, the preservation level were positively correlated with their relaxation 
and representativeness characteristics.  

Keywords: Soundscape; Soundscape preservation; Characteristics, City 

1. INTRODUCTION 
Improving the sound environment is an essential way to improve overall urban environmental 

quality, and to reflect the characteristics of a city (1). However, with rapid urbanization, the urban 
sound environment is gradually degrading (2, 3). Most research and policies focus on noise 
propagation and reduction in urban areas, however, the measures do not necessarily lead to better 
acoustic comfort in urban areas (4, 5). Noise complaints in China accounted for almost 50% of the 
total number of environmental complaints in 2017, compared with 39.2% in 2013. Soundscapes, as 
positive environmental resources, have proved to be effective in enhancing the impression of a 
city(6). Therefore, besides noise control, preserving original, positive soundscapes should also be 
considered as a useful method of improving the sound environment in cities.  

To identify the soundscapes worthy of preservation, previous projects and investigations have 
been performed in various types of spaces, including national parks and other naturally protected 
areas (7-9), historical city centres (10, 11), and the whole country (12). Overall, previous soundscape 
preservation studies have provided a quite detailed summary of the soundscapes worthy of 
preservation either from the point of view of the entire country or in specific blocks in urban areas.   
It seems necessary that additional studies need to be conducted from the perspective of soundscape 
preservation at the city level to create more active and vigorous cities.  

Moreover, these previous researches involving soundscape preservation commonly focused on 
field investigations and measurements (10), and in order to understand the soundscapes worthy of 
preservation more deeply, the characteristics need to be analysed. There have been numerous studies 
investigating the characteristics of soundscapes in different urban areas (13-15). However, studies of 
the characteristics from the viewpoint of soundscapes worthy of preservation are still lacking. 
Additionally, these characteristics directly influence the preservation levels of the soundscapes 
worthy of preservation, however, how these characteristics affect the level of preservation still needs 
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clarification.  
Therefore, the study aims to explore: (1) soundscapes worthy of preservation and their distribution 

at the city scale, (2) the perceived characteristics and preservation levels of those soundscapes 
worthy of preservation, and (3) the relationship between the characteristics and preservation levels.  

 

2. METHODOLOGY 

2.1 Social Survey 
The study was conducted in Tianjin, which is located in the North of China (between 38°34' and 

40°15' N and 116°43' to 118°4' E). A great diversity of soundscapes have been formed in Tianjin 
owing to its profound culture character and beautiful scenery (Marinelli, 2010). Meanwhile, as one 
of the four municipalities in China, Tianjin also faces many environmental problems. The 
destruction of a large number of soundscapes is in conflict with the development of the city. Thus, 
the findings of this study can provide references for other cities. 

The first step of this study was to determine what kind of urban soundscape should be preserved. 
Both online and face-to-face investigations were conducted throughout a period of six months, i.e. 
from June to December 2016, requiring respondents to recommend soundscapes that should be 
preserved in the city based on their own experiences. The respondents in this survey were selected 
randomly, including both locals and tourists. A total of 2504 valid questionnaires were collected and 
the demographic information of the respondents was listed in Table 1. 

 
Table 1 Demographic information of the respondents 

  Frequency  

Gender 
Male 51% 

Female 49% 

Age groups 

<20 7% 

20–29 59% 

30–39 17% 

40–49 8% 

50–59 4% 

>60 4% 

Education level 

Primary school  2% 

Secondary school  19% 

University  59% 

Graduated 20% 

Occupation 

Architect 6% 

Student 32% 

Working person 57% 

Pensioner 5% 

2.2 Group Soundscape Walk 
A group soundscape walk was conducted to explore the characteristics and preservation levels of 

the soundscapes worthy of preservation. Twenty-three students aged 20 to 25 participated in this 
study. They were graduate students majoring in Architecture and they could understand the purpose 
of this study well. Figure 1 showed the twelve evaluation locations of this group soundscape walk, 
which were recommended more than 20 times in the questionnaire survey.  They are located in five 
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districts: Water Park, Italian Style Street, Five Old Street, Ancient Cultural Street and the Civic 
Square. Water Park, the largest park in Tianjin, is an essential place for citizens to relax, which has 
leisure and comforting characteristics. Italian Style Street is the only street in Asia with an Italian 
style. There are more than 200 European buildings in this area, which have been preserved for more 
than 100 years. The Five Old Street is a famous attraction, with profound cultural and historical 
character. The horse carriage is still one of the transportation means in this area. The sound 
environment is relatively quiet in Five Old Street, as motor vehicles are limited in this district. 
Ancient Cultural Street is a historical block with Chinese characteristics. This block still conserves 
the traditional Chinese urban structure and organizational layout. Civic Square has a pleasant 
environment, and many children play in the square every day.  

    

Musical instrument sound in 

Water Park 

Birdsong in  

Water Park 

Dance music in  

Water Park 

Peking opera performance 

in Water Park 

    

Music in Italian Style Street Carriage sound in  

Five Old Street 

Leaves rustling in  

Five Old Street 

Tranquil environment in 

Five Old Street 

    
Pedlary in  

Ancient Culture Street 

Water sound of Haihe River Water sound in  

Civic Square 

Sound of children playing in 

Civic Square 

Figure 1 – Evaluation locations of the group soundscape walk 
During the soundscape walk, the participants were asked to stay at each evaluation location for 30 

minutes to experience the sound environment and complete the assessment questionnaire. There are 
two questions in the questionnaire. The first question was used to evaluate the characteristics of the 
soundscapes using the semantic differential method. Seventeen semantic indicators were used in the 
questionnaire, which were summarized from previous research studies (16) and our previous focus 
group, including: gentle – harsh, fast – slow, simple – varied, natural – artificial, strong – weak, far – 
close, pleasant – unpleasant, relaxed – intensive, harmonious – disharmonious, light – heavy, quiet – 
noisy, comfort – discomfort, impure – pure, like – dislike, vibrancy – dull, directional – universal, 
and representative – unrepresentative. The second question explored the preservation level of each 
soundscape. Participants used the ten-point rating scale to determine the level of preservation based 
on their own understanding. 

3. RESULTS 

3.1 Soundscapes Worthy of Preservation 
A total of 158 soundscapes were considered to be worthy of preservation according to the 

recommendations from respondents. Among those soundscapes, twenty-seven were recommended 
more than 20 times (approximately 1% of total respondents), as shown in Figure 2.  
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Figure 2 – Soundscapes worthy of preservation 

These recommended soundscapes are in urban parks or recreation areas, historical districts, and 
commercial areas, with the respective proportions of 66.37%, 19.47%, and 14.16%. Urban parks 
were the most important areas for soundscapes worthy of preservation. Because  as important areas 
for restoring the physical and mental health of citizens, urban parks often contain comfortable 
soundscapes. Furthermore, the top three sound sources of these soundscapes were social/communal 
sounds (talking, bells, laughter, and sounds from human activities), animal sounds (birdsongs and 
other sounds from non-domesticated animals) and water sounds, with the respective proportions of 
34. 1%, 17. 7 %, and 15. 2 %. It was found that the soundscapes worthy of preservation often affected 
larger areas and larger populations. For example, the water sound of Haihe River was the most 
frequently mentioned as a soundscape worthy of preservation. Haihe River, as the mother r iver of 
Tianjin, traverses the city from the North to the South, affecting a lot of people. The  birdsong in Water 
Park was also recommended frequently. Water Park is the largest park in Tianjin, with a large flow of 
people. The music in Italian Style Street was also an important soundscape worthy of preservation. As 
one of the most attractive scenic spots in Tianjin, Italian Style Street attracts many tourists. As for the 
periodicity of these soundscapes, most of them were stable except some natural soundscapes that 
changed with the seasons. 

3.2 Characteristics of Urban Soundscapes Worthy of Preservation 
Factor analysis was conducted using the 276 (23participants × 12 locations) responses obtained 

through the soundscape walking. As a result, five factors were identified to describe the 
characteristics of the soundscapes worthy of preservation, as shown in Table 2.  

Factor 1 (32%) called relaxation, including gentle-harsh, harmonious-disharmonious, 
comfort-discomfort, like-dislike, fast-slow, relaxed-intensive, quiet-noisy, impure-pure. Factor 2 
(15%) was generally associated with vibrancy, including pleasant-unpleasant, light-heavy.  Factor 3 
(8%) was best explained as representativeness, including natural-artificial and 
representative-unrepresentative. Factor 4 (7%) was principally related to strength, including 
far-close and strong-weak. Factor 5 (6%) was mostly associated with richness, including 
simple-varied and directional-universal. 

These five factors explained total of 69% of the variance, however, in many previous studies, only 
2-4 factors were needed to explain basically equal or even more total variance(16, 17). This indicated 
that the characteristics of the soundscapes worthy of preservation  in cities were more complicated. 
Meanwhile, the weight of the relaxation characteristic was higher than that of other factors, which 
indicating that the relaxation is the most important characteristic of the soundscapes worthy of 
preservation. This result reflected people’s urgent need for a highly relaxing sound environment in 
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modern cities.  
 

Table 2 Results of factor analyses (where KMO=0.844, N: 276)  
Semantic indicators 1 (32%) 2 (15%) 3 (8%) 4 (7%) 5 (6%) 

Gentle–Harsh 0. 614 0. 208 0. 206 0. 341 -0. 293 

Fast–Slow -0. 637 0. 422 0. 125 -0. 328 0. 067 

Relaxed–Intensive -0. 550 -0. 440 -0. 117 -0. 177 0. 208 

Harmonious–Disharmonious 0. 557 0. 520 -0. 014 0. 216 -0. 112 

Quiet–Noisy -0. 71 -0. 115 -0. 299 -0. 196 -0. 054 

Comfort–Discomfort 0. 675 0. 488 0. 078 -0. 059 0. 102 

Impure–Pure -0. 634 -0. 274 -0. 332 0. 062 -0. 278 

Like–Dislike 0. 637 0. 552 0. 059 0. 070 -0. 077 

Pleasant–Unpleasant 0. 131 0. 728 -0. 017 0. 098 -0. 067 

Light–Heavy 0. 236 0. 691 0. 155 0. 131 -0. 226 

Vibrancy–Dull 0. 052 -0. 795 0. 270 0. 133 0. 132 

Natural–Artificial 0. 234 0. 086 0. 719 -0. 196 0. 242 

Representative–Unrepresentative 0. 154 0. 152 -0. 761 -0. 113 -0. 155 

Strong–Weak -0. 391 0. 120 -0. 264 -0. 633 0. 071 

Far–Close -0. 226 0. 103 0. 080 0. 885 0. 068 

Simple–Varied 0. 065 -0. 165 0. 394 -0. 144 0. 692 
Directional–Universal 0. 020 -0. 012 -0. 203 0. 170 0. 850 

 

3.3 The Relationship between Characteristics and Preservation Level of Soundscapes 
Worthy of Preservation 

Figure 3 showed the relationship between the preservation level and the characteristics of the 
soundscapes worthy of preservation. It could be seen that the level of preservation increases with the 
improvement of relaxation, representativeness, strength and richness, while decreases with the 
increase of vibrancy evaluation. In Table 2, the correlation coefficients between the preservation level 
and the evaluation of the characteristics are shown.  

 
Table 2 Correlation between characteristics and the preservation level 

 Relaxation Vibrancy Representativeness Strength Richness 

Preservation Level  0.966** -0.521 0.897** 0.488 0.430 
 
There was a strong positive correlation between the preservation level and the relaxation and 

representativeness characteristics, while no statistically significant correlation was observed on the 
other three characteristics. It meant that the soundscapes with outstanding relaxation or 
representativeness usually get a high level of preservation. Thus, in urban areas, more attention should 
be paid to preserving the relaxing soundscapes, such as the birdsong in parks, the water sound and the 
tranquil environment. Meanwhile, priority should also be given to the soundscapes that have high 
representativeness such as the bells and pedlary in historical areas. As part of the intangible cultural 
heritage, these representative soundscapes can effectively avoid homogeneity of urban areas.  
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Figure 3 – The relationship between the preservation level and the characteristics of the soundscapes 
worthy of preservation 

 

4. CONCLUSIONS 
This study investigated the characteristics of urban soundscapes worthy of preservation. The main 

conclusions can be summarized as follows: 
1. The urban soundscapes worthy of preservation recommended by the participants were situated in 

various locations. Among them, parks and historical districts were the most important urban 
contexts for these soundscapes. Furthermore, the top three sound sources of these recommended 
soundscapes were social/communal sounds (talking, bells, laughter, and sounds from human 
activities), animal sounds (birdsong, and other sounds from non-domesticated animals), and water 
sounds. It was also found that the soundscapes which could affect larger areas and crowds were 
more frequently recommended by the participants.   

2. Five major factors were identified to evaluate the soundscapes worthy of preservation, including 
relaxation, vibrancy, representativeness, strength, and richness. These five factors covered 68% 
of the total variance, while half of the variance was explained by the relaxation factor.  

3. Relaxation and representativeness were positively correlated with the preservation level of 
soundscapes worthy of preservation, which meant that residents would like to preserve 
soundscapes with a higher sense of relaxation and representativeness.    
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Soundscape Recognition 
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ABSTRACT 
To investigate the impact of soundscape spatial change factors in a pleasant urban environment, we evaluated 
a soundscape in a virtual reality (VR) environment and investigated the audiovisual impact factors on the 
soundscape. First, nine evaluation points were selected around Area A, and three-minute sound environments 
were selected at each point using a 360-degree camera (Insta360) and a SoundField (SPS200) microphone to 
investigate changes in the sound pressure level and frequency characteristics. Subjective responses, such as 
overall satisfaction, soundscape evaluation factors, and landscape evaluation factors, were evaluated in three 
environments (audio, visual, and audio with visual) based on the sound environment measurement data. To 
realize the immersive environment, the subjects were allowed to move freely in VR by reflecting the direction 
of the sound source and head rotations. Assessments of the level of immersion and sense of reality were used 
to verify the experimental environment. The experiment results showed that, in terms of the soundscape 
evaluation factors, overall satisfaction decreased as traffic noise increased and human sounds decreased. As 
for the landscape evaluation factors, the vegetation factor was the most dominant; as the green area increased, 
the overall satisfaction increased despite the noise factor. As a result, as the visual factors related to natural 
element, such as green area, increased, the auditory complaint factor was controlled and satisfaction towards 
the urban soundscape improved. 
 
Keywords: Soundscape, Landscape, Audio-visual interaction, Expectation, Soundscape design quality 

1. INTRODUCTION 
With the negative effects of urban noise on health emerging as a social issue, the urban acoustic 

environment has begun to be considered an important factor for sustainable and healthy urban life. In 
this context, the concept of the soundscape has emerged. It focuses on the actual human perception of 
the acoustic environment (1, 2). ISO 1291-1 defines soundscape as the "acoustic environment as 
perceived or experience and / or understood by a person or people, in context ." In this context, many 
studies have investigated the correlations between acoustic indicators and soundscape descriptors in 
various urban spaces (parks, squares, and streets) (3, 4). 

It is important to investigate the contexts formed by various complex factors , including such 
nonacoustic factors as the function of the space, types of environment, and social background to 
interpret the soundscape. Context also includes factors that, in a broad sense, could affect the 
perception of soundscapes. Therefore, psychological factors, such as expectations—as well as 
physical factors constituting space, such as visual factors and auditory factors—and social 
backgrounds should be examined (5, 6). 

There are many studies on soundscape quality and audio-visual interaction based on the fact that 
the early concept of soundscape originated from the landscape and is closely related to the visual. As 
a result, recognition models considering audio-visual interaction have been proposed to interpret the 
urban soundscape. However, until now, most of them have focused on the auditory property, and the 
detailed analysis model considering the detailed factors of the landscape is insufficient (7, 8). 
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Assessment methodology soundscape research is mostly based on fieldwork methods, such as 
soundwalk and narrative interviews, for reasons of high ecological validity. When the surrounding 
environment needs to be controlled, 2D photos and Photoshop techniques are used in the laboratory 
environment (9, 10). However, this method of providing visual stimuli has the limitation that it does 
not sufficiently reflect the real sense of space and the actual field. To solve this problem, virtual reality 
(VR) technology has recently been introduced (11-13). It has been confirmed that the similarity is 
high when the subjective evaluation test results are compared with the actual field in the soundscape 
evaluation in an environment implemented with VR. Therefore, it is necessary to develop more-
practical research on audio-visual interaction by applying this VR technique. (8, 14) 

Therefore, in this study, audiovisual interaction was investigated for soundscape and landscape 
perception in urban environments by applying VR technology, and the relationship between 
soundscape quality and the urban environment was examined. In conclusion, an analytical model for 
overall satisfaction is newly proposed. 

2. MANUSCRIPT FORMAT 

2.1 Case study area 
To investigate audio-visual influences through auditory evaluation in a laboratory environment, 

nine evaluation sites located in Seoul were selected, including various urban contexts ( see Figure 1). 
The points where various noise sources such as traffic, people, and birds exist, including open space, 
green space, and a waterfront space (river), far away, were visually selected. A route was set up from 
a point where the traffic was densely close to the road, where the noise was the highest, to a point 
surrounded by a building and relatively quiet. 

The A-weighted sound pressure level (LAeq) was calculated to determine the sound strength 
characteristics of each evaluation point. LCeq-Aeq, which is calculated as the difference between the A-
weighted and the C-weighted SPL, is presented, showing the relative low-frequency characteristics 
with respect to the sound spectral contents. LA10-A90 was calculated to investigate the temporal 
variability of the sound environment. The LAeq mean value of the evaluation points was very widely 
distributed in the range of 57.2–79.4 dBA. In addition, the difference between the maximum and 
minimum values of LA10-A90 and LCeq-Aeq exceeded 10 dB, respectively, which includes the variation 
range of the sound environment that can occur in a typical urban area.  

 
   Figure 1. Pictures of the nine evaluation locations for the experiment 
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2.2 VR soundscape environment 
The measurements were conducted during the daytime (10 a.m. to 2 p.m.) in September 2018 to 

implement the VR evaluation environment in the laboratory environment. A spherical panoramic 
camera (Insta 360 camera) was used for recording for 3 min at each evaluation point. At the same 
time, an ambisonic microphone (Soundfield SPS 200) and a portable sound recorder (Mixpre-6, 
Sounddevices) were used for measuring the audio environment data and recorded with A -format first-
order ambisonic (FOA). Both the spherical camera and the ambisonic microphone were measured at 
a height of 1.6 m. A-weighted sound pressure levels (LAeq) were measured using a 1/2-inch 
microphone (G.R.A.S AE46) and an AS-70 portable sound level meter (RION) to calibrate the sound 
pressure level. 

A 360° camera image recorded with six channels was implemented with a head-mounted display 
(HMD). For the implementation of headphone-based 3D stereo sound, the sound source recorded with 
the A-format FOA was converted into B-format FOA using Unity software and down-mixed with a 
binaural track. Then, the head tracker mounted on the VR device was used to reflect the real-time 
direction of the sound source according to the head rotation of the subject. To calibrate the sound 
pressure level at each evaluation point, nine sound sources generated from the VR were recorded in a 
semianechoic chamber using a head and torso simulator (Brüel & Kjær 4100) and adjusted using 
Adobe Audition software version 1.5. 

2.3 Experimental design 
To evaluate the audio-visual environment interaction, the soundscape in three evaluation 

environments was evaluated: (1) only audio environment, (2) only visual environment, and (3) audio-
visual environment. Experiments were conducted in a semianechoic chamber where background noise 
was approximately 25 dBA. Open-type headphones (Sennheiser HD-650) were used for evaluation, 
and VIVE Pro 2 (HMD) was used for visual information.  

The questionnaire for the evaluation of the audiovisual interaction of the soundscape was 
composed of five parts. At each evaluation point, dominant sound sources (traffic, humans, birdsongs, 
music, and wind), dominant visual elements (vehicles, buildings, roads, open, green, people, and sky), 
soundscape quality (pleasant, unpleasant, eventful, uneventful, exciting, monotonous, calm, and 
chaotic), landscape quality (comfortable, uncomfortable, harmonious, disharmonious, natural, 
artificial, open, closed, wide, narrow, orderly, and disorderly), and overall satisfaction were evaluated 
on a five-point Likert scale. 

2.4 Procedure 
Each subject underwent soundscape evaluation in three different evaluation environments, and the 

order of evaluation environment was presented as only audio, only visual, and audio -visual 
environment. Each participant participated in one evaluation environment per day and was evaluated 
for a total of three days. To facilitate the response to the questionnaire, Unity software was used to 
select the response directly in the VR with the VIVE controller. The order of the evaluation sound 
sources was sequentially evaluated for nine stimuli from H1 to H9 along the path, and intervals 
between evaluation sound sources were 10 s. To solve the physical discomfort of the subjects due to 
wearing the HMD for a long time, the experiment time of each evaluation environment was not 
exceeded for 30 min, and the rest time was provided at the request of the subject.  

3. RESULTS 

3.1 Perception of audio-visual indicator 
Figure 2 shows the dominant and audible preference for each evaluation point in only audio and 

audio-visual environments. Overall, traffic sound was dominant, and human sound was high in the 
road, around the building, and in the moving route. Bird sound was also high in a well -organized 
green area, such as a promenade and a park. As a result of two-way analysis of variance (ANOVA) 
analysis, there was a significant difference of sound and presence according to the presence or absence 
of visual information for traffic, humans, birds, and wind. It was shown that humans, birds, and wind 
are better recognized, but not traffic, in an audio and visual environment. 
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Figure 2. Dominant sound sources of each location 

 
Figure 3 shows the dominant visual factors and the preference for each visual factor in each of the 

evaluation points in the only visual and the audio-visual environment. The distance from the road was 
the most influential factor. The closer to the big road, the higher the awareness of vehicles. The two-
way ANOVA analysis and the simple main analysis of the interaction between the visual information 
and the audio information showed significant differences for the building, green, people, and sky 
elements (p < 0.01). In the audio-visual environment, the perception of building, green, and sky 
elements was lower, and for green it increased. 
 

 
Figure 3. Dominant visual elements of each location 

3.2 Semantic differential test 
Principal components analysis was performed on eight semantic expression words for soundscape 

and 12 semantic expression words for landscape in all evaluation environments. The Kaiser–Meyer–
Olkin measure of sampling adequacy was adequate, and Bartlett's test of sphericity was evident in all 
evaluation settings (p < 0.01). First, soundscape quality was classified as pleasantness and 
eventfulness in the only-audio and audio-visual environments. In the case of landscape quality, overall 
quality, regularity, and spatial impression were observed in the only-visual environment, and 
naturalness was found to be a new factor in the audio-visual environment. 
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3.3 Overall satisfaction 
Figure 4 shows the overall satisfaction with audio information and visual information in different 

evaluation environments. There was a difference in satisfaction according to the evaluation 
environment, and the difference was statistically significant (F (2,807) = 61.401, p < 0.01). Overall 
satisfaction was the highest in the visual-only environment, and satisfaction was low in the case of 
additional audio. 

 
Figure 4. Picture of the nine evaluation locations for the experiment 

4. DISCUSSION 

4.1 Audio-visual interaction 
Table 1 shows the correlation between perceived sound, perceived visual component, and 

soundscape and landscape components derived from PCA analysis to examine the interaction between 
perceived soundscape and landscape in urban space. 

First, traffic has a negative effect on landscape components, and birds have a positive effect on the 
overall impressions. Pleasantness showed a positive correlation with the overall impression of the 
landscape and how well the city is organized and visually organized, and how many natural elements 
are provided. Eventfulness showed a negative correlation with regularity. Therefore, the more the city 
is visually congested, the more the sound event is recognized in the space.  
 

Table 1. Correlation coefficients between perceived soundscape indicators and perceived landscape 

indicators (Bold p < 0.01, underscore p < 0.05) 

 
Sound sources Soundscape component 

Traffic Human Bird Wind Music Pleasantness Eventfulness 

Visual 

elements 

Vehicle 0.72 0.07 -0.22 0.05 -0.12 -0.56 0.05 

Building 0.29 0.16 -0.04 0.13 -0.04 -0.21 0.08 

Road 0.63 0.06 -0.19 0.06 -0.04 -0.53 -0.03 

Open -0.04 0.04 0.18 0.01 -0.06 0.02 -0.12 

Green -0.07 0.05 0.25 0.15 0.17 0.08 -0.11 

People 0.09 0.43 0.04 0.18 -0.01 -0.01 0.05 

Sky 0.01 0.22 -0.05 0.22 -0.14 -0.01 0.24 

Landscape 

component 

Overall quality -0.28 0.05 0.30 0.11 0.01 0.50 0.17 

Regularity -0.22 0.01 0.17 0.12 0.03 0.30 -0.24 

Spatial impression 0.09 0.10 -0.01 0.12 -0.03 -0.06 0.11 

Naturalness -0.32 -0.09 0.23 0.08 0.12 0.26 -0.11 
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4.2 Soundscape recognition model 
To evaluate the contribution of audio-visual information to overall satisfaction and the contribution 

of soundscape and landscape components, multiple linear regression analysis was performed in each 
evaluation environment, and the results are shown in Tables 2 and 3. R2 of the total regression model 
was statistically significant (p < 0.05). 

First, the interesting thing about audio-visual information is that the subjects focus more on the 
characteristic information of the space in the environment provided with both visual and auditory 
information than the environment provided with only visual or auditory information. 

Also interesting in terms of the soundscape and landscape component is that the new factor of 
naturalness is more influential in the environment where audio information is added. This means that 
when the subjects are added with a sound element in recognizing the landscape of the city, they 
consider how natural and artificial the space is rather than the recognition of the spatial feeling of the 
city. In addition, overall, the landscape element has a higher contribution than the soundscape element, 
and it can be seen that the subjects are more influenced by the visual parts when they evaluate the 
satisfaction of the city. 

 
Table 2. Standardized regression coefficients from multiple linear regression analysis for overall 

satisfaction using sound and visual elements in different experimental setups  

(Bold p < 0.01, underscore p < 0.05) 

 Visual effect Audio effect Interaction 

 Only Audio Audio+Visual Only Visual Audio+Visual Audio+Visual 

R2 0.14 0.25 0.15 0.21 0.31 

Traffic -0.27 -0.29 - - -0.02 

Human 0.12 0.03 - - 0.05 

Bird 0.12 0.31 - - 0.29 

Wind -0.14 -0.01 - - 0.02 

Music 0.02 0.07 - - 0.04 

Vehicle - - -0.28 -0.36 -0.30 

Vehicle - - 0.06 -0.02 -0.03 

Building - - -0.05 -0.1 -0.07 

Road - - 0.17 0.07 0.03 

Open - - 0.12 0.11 0.04 

Green - - -0.08 0.02 -0.01 

People - - 0.05 -0.06 -0.04 
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Table 3. Standardized regression coefficients from multiple linear regression analysis for overall 

satisfaction using soundscape and landscape components in different experimental setups  

(Bold p < 0.01, underscore p < 0.05) 
 

 Visual effect Audio effect Interaction 

 Only Audio Audio+Visual Only Visual Audio+Visual Audio+Visual 

R2 0.45 0.32 0.49 0.49 0.51 

Pleasantness 0.66 0.56 - - 0.21 

Eventfulness 0.12 -0.05 - - -0.05 

Overall quality - - 0.62 0.55 0.45 

Regularity - - 0.28 0.29 0.22 

Spatial impression - - 0.16 0.05 0.06 

Naturalness - - - 0.32 0.25 
 

5. CONCLUSIONS 
In this study, audio-visual interaction of soundscape and landscape was investigated through a VR 

environment in the laboratory to improve user satisfaction through the sound and visual environment 
of urban space. A regression model was proposed based on audio-visual elements — soundscape and 
landscape components — and it was confirmed that satisfaction prediction through a combination of 
soundscape and landscape can be used to design and improve the urban space. The model using audio-
visual elements showed a somewhat lower explanatory power, but it was found that the bird's sound 
and the visual part of the vehicle were the main factors of urban design that had a significant effect 
on satisfaction. The model 51% using the soundscape and landscape component shows a high 
explanatory power. At the same time, for the overall satisfaction of the city, the model seeks to 
improve the naturalness and overall quality by adding appropriate vegetation element s while visually 
adjusting it, and improving pleasantness was effective. The audio-visual interaction of the soundscape 
and landscape evaluation found in this study and the overall satisfaction model based on it are 
presented as guidelines for improving the satisfaction of the new design of the city and can be used 
effectively. 

ACKNOWLEDGEMENTS 
This work was supported by a grant the Science and Technology Amicable Relationship (STAR) 

program, from the National Research Foundation of Korea (NRF) grant funded by the Korea 
government (MSIT) (2018K1A3A1A21043775) 

REFERENCES 
1. Corburn J. Toward the healthy city: people, places, and the politics of urban planning. Mit Press. 2009. 
2. Kang J, Schulte-Fortkamp B. (Eds.). Soundscape and the built environment. CRC press. 2018. 
3. Kang J. Zhang M. Semantic differential analysis of the soundscape in urban open public spaces. Build 

Environ. 2010;45(1):150–157.  
4. Meng Q, Sun Y, Kang J. Effect of temporary open-air markets on the sound environment and acoustic 

perception based on the crowd density characteristics. Sci Total Environ. 2017;601:1488-1495. 
5. Botteldooren D, De Coensel B, Van Renterghem T, Dekoninck L, Gillis D. The urban soundscape–a 

different perspective. Sustainable mobility in Flanders: The livable city, 2008. p. 177-204. 
6. Herranz-Pascual K, Aspuru I, García I. Proposed conceptual model of environmental experience as 

framework to study the soundscape. In Proceedings of INTERNOISE. 2010. p. 2904-2912 
7. Joynt JL, Kang J. The influence of preconceptions on perceived sound reduction by environmental noise 

barriers. Sci Total Environ. 2010;408(20):4368-4375. 
8. Liu J, Kang J, Behm H. Birdsong as an element of the urban sound environment: A case study concerning 

2534



 

 

the area of Warnemünde in Germany. Acta Acust United Acust, 2014;100(3):458-466. 
9. Lange E. The limits of realism: Perceptions of virtual landscapes. Landsc Urban Plan. 2001;54(1):163–

182. 
10. Daniel TC. Whither scenic beauty? Visual landscape quality assessment in the 21st century. Landsc 

Urban Plan, 2001;54(1):267–281. 
11. Sanchez GME, Van Renterghem T, Sun K, De Coensel B, Botteldooren D. Using Virtual Reality for 

assessing the role of noise in the audio-visual design of an urban public space. Landsc Urban Plan, 
2017;167:98-107. 

12. Jo, HI, Jeon JY. Downstairs resident classification characteristics for upstairs walking vibration noise in 
an apartment building under virtual reality environment. Build Environ. 2019;150:21-32. 

13. Jeon JY, Jo HI. Three-dimensional virtual reality-based subjective evaluation of road traffic noise heard 
in urban high-rise residential buildings. Build Environ, 2019;148:468-477. 

14. Yu T, Behm H, Bill R, Kang J. Audio-visual perception of new wind parks. Landsc Urban Plan, 
2017;165:1-10. 

 

2535



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Characterization of the urban sound environment from commercial 
pedestrian streets: a first approach in São Paulo-Brazil 
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ABSTRACT 
Environmental noise management is in progress in Brazil, and São Paulo was the first city to establish the 
mandatory implementation of its noise map in 2016.The law regulation is under development by the city 
council, and to respond to the technical challenges that will be faced, different studies are being carried out 
as there are no environmental noise calculation models or standards for Brazilian cities characteristics. One 
of the main issues to be solved will be how to incorporate the mesh of commercial pedestrian streets on 
acoustic simulations. In this study a pilot study was carried out at “Calçadão de Osasco”, a pedestrian street 
in the metropolitan area of São Paulo, with a high crowd density, packed with shops and street traders, very 
representative of the local soundscape. Different techniques of field measurements and soundscape 
evaluation are applied to propose a first characterization. It is evaluated how this proposal can be incorporated 
to prediction software and aims to inspire the study of the urban sound environment of commercial streets in 
Sao Paulo. 
 
Keywords: Noise mapping, Public open spaces, Urban sound planning 

1. INTRODUCTION 
 
The concern about the urge on dealing with urban sound planning is becoming more evident in 

large conurbation areas from Latin America such as São Paulo. Following the European experience 
[1,2] on environmental noise management combined with all evidence of the effects of environmental 
noise on people’s health and wellbeing [3], in 2016 the city council of São Paulo made its first move 
by the enforcement of Law 16.499, which establishes the elaboration of the city’s first noise map. 

Once the mentioned law entered into force, several technical challenges came about concerning 
the noise map elaboration. One of the main difficulties identified by the stakeholders is that there are 
no specific noise generation/propagation models for the Brazilian environmental noise context. 

Previous studies [4,5] identified that international methods of noise assessment applied in São 
Paulo converge with field results for traditional sources, such as road or railway noise. But other non-
conventional sources have not yet been investigated, of which it is possible to highlight popular 
commerce streets. As presented in Figure 1, this type of pedestrian street is commonly found in São 
Paulo and in its metropolitan area, and in this study one of the liveliest commercial streets from a 
neighboring town was evaluated: the Osasco sidewalk, hereinafter referred as Calçadão de Osasco.   

Osasco is a city with 700,000 inhabitants [6], and its downtown is taken over by commercial 
activities that attracts people from neighboring cities to do shopping, whether in shopping malls or 
street stores. As São Paulo is giving its first steps on urban sound planning, the Calçadão de Osasco 
and its high pedestrian volumes and high levels of activity throughout the day, consist on a 
representative study case to perform an initial study on how to incorporate commercial pedestrian 
streets in the city’s first urban noise map.  
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Figure 1: São Paulo’s metropolitan area popular commerce streets (blue) and study case (red). 
Map data: © OpenStreetMap contributors.  

2. OBJECTIVES 
 
The study aims to be a first approach on how to incorporate commercial pedestrian streets on 

acoustic simulations of São Paulo and its metropolitan area, evaluating the Calçadão de Osasco by 
two methods: 

 Quantitative: field measurements to evaluate Sound pressure level in different scenarios of 
the study case followed by acoustic simulation by prediction software.  

 Qualitative: soundwalkings supported by recordings and questionnaires to identify the 
main sound sources to be considered when evaluating the acoustic environment of 
commercial pedestrian streets in São Paulo.   

3. METHODOLOGY 
 
For the purposes of the study, a field measurement campaign was carried out in order to 

characterize the area under evaluation from a sound pressure level perspective. Simultaneously, sound 
walks were performed by 4 subjects aiming to evaluate the sound sources that compose the Calçadão 
and afterwards the obtained input data was used to build an acoustic simulation of the area for two 
different scenarios.  

3.1 Study case area 
 
The Calçadão de Osasco, highlighted in red in Figure 2, is a high activity pedestrian street with 

500m of extension and more than 250 business premises [7], most of them shops and restaurants. The 
area is surrounded by secondary roads, an urban train station and two bus terminals, and everyday 
more than 350 thousand people attend the Calçadão. The trade is diversified, with stores of all 
categories, from shoes, clothing, bags and cosmetics, to hot dog cars licensed by the city ha ll. As it 
can be observed in Figure 3 a) and b), the sidewalk has a 12m wide central promenade and the public 
lightning, in addition to the palm trees lines on each side, creates a cozy atmosphere. 

Four points were selected for the sound pressure level measurements. Points 1 and 4 are located at 
the limits of the Calçadão and could be influenced by urban traffic or railway noise. Point 2 is placed 
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in front of Osasco Plaza Shopping, where the Calçadão doubles its width, and Point 3 in a regular area 
highly affected by the crowds and street traders. 

 
  

 

Figure 2: Calçadão de Osasco and its surroundings. Map data: © OpenStreetMap contributors. 

a) b)  

Figure 3: a) schematic section of the Calçadão b) Calçadão de Osasco on weekends 

3.2 Field measurements 
 
Sound pressure level (SPL) measurements were carried out in two different days and time, in order 

to evaluate the Calçadão in different conditions. To characterize a quite weekday, the first campaign 
took place on a Tuesday between 10am and 12am. The second measurement took place on a Saturday 
from 12pm to 2pm, when the Calçadão and its surroundings receive the largest number of visitors. All 
measurements were performed with a duration time of 10 to 15 min, using a calibrated sound level 

12 m 
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meter Larson Davis model 831. The microphones were positioned at 1.50 m height following  
Brazilian national standard ABNT NBR 10151[8]. However, international standards indicate that 
measurements should be made at 4 m height to avoid the first reflections from the floor. For this 
reason, extra measurements were performed, with microphones positioned at 4.1m and 7.9m high 
close to buildings facades to verify the sound propagation accuracy in the simulation model.  

3.3 Soundwalks 
 
As this study consists on a first approach on how to incorporate Brazilian commercial pedestrian 

streets in acoustics simulation for noise environment management, a more holistic approach [9] was 
necessary to evaluate the sound source types beyond sound pressure level, which does not fully 
represent the acoustic experience of this urban space.  

To help the comprehension of the acoustic environment of the Calçadão, an individual soundwalk 
procedure [10] was carried out to investigate the participants responses. A pilot soundwalk campaign 
was performed by five participants, being all acousticians, São Paulo residents, aged between 20 and 
40 years, and none have never visited the Calçadão before. The soundwalks took place in a weekday, 
at the same time de SPL measurements were being carried out. Participants walked for around 18 
minutes along the full extent of Calçadão, with both start and finishing point at the train station. 
During the soundwalk participants walked and were asked to evaluate the acoustics environment and 
to focus on listening practice to emphasize their own viewpoints. Just after going through the route, 
participants were asked to fill a questionnaire based on [11] to evaluate the soundscape qualities of 
the Calçadão.  

As input for future studies aiming to have a wider description of subjects’ impressions of the 
elements in the acoustic environment of the Calçadão, all participants wore binaural microphones and 
a backpack, where a recording device was installed. In addition, while a participant was walking, a 
researcher was following him from a certain distance in order to take pictures of the evaluation 
positions selected by subjects. 

The answers obtained through this preliminary questionnaire and the observation of local sounds 
by the five subjects enabled identifying the following sound sources in Calçadão in order of 
prevalence:  

 Road traffic noise  Cars and buses  
 Individual people sound  Conversations, Loud laughing, Children, Street traders 

screaming  
 Crowds sounds Crowds babble  
 Music  Shops and restaurants loudspeakers facing the sidewalk  
 Air Traffic noise  Airplanes  
 Natural sounds  Birds 
 Railway noise  Train station 
 Other sound sources Such as sirens, public works, loading and unloading.  

  
From this result, it is interesting to remark, that although the Calçadão is close to a train station, 

railway traffic was not noticeable to 3 of the 5 subjects.  
When asked to classify Calçadão sound environment according to categories presented in [11], 

respondents indicated that the Calçadão’s soundscape is chaotic, full of life, stressful and eventful as 
presented in Figure 4: 
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Figure 4: Subjcets responses to the Calçadão’s Soudscape classification 
 

When asked about the activities that they considered suitable to carry out at the Calçadão,  subjects 
considered that it is an ideal place to shopping. Other activities like outdoor recreation activities (such 
as ball games and kite), enjoying peace and quiet, practicing physical exercises, socializing with 
family and friends, escaping from urban stress, were considered unsuitable or less suitable as they are 
difficult things to be done at the Calçadão.  

 

3.4 Acoustic simulation 
 
After the filed measurements campaign, the results of the sound pressure levels measurements were 

used as input data for calculating a noise map of the area using software CadnaA. For characterizing 
the noise source, "area source " tool was used, positioned 1.5m above ground level. CNOSSOS, NMPB 
2008 and RLS 90 were used as calculations models, with sound power level PWL and sound power 
level per unit area (PWL); and spectrum of type Lw and Lw from Lp + distance + Sphere partition.  

During the computational experiments, it was found that it is not ideal to use the source emission 
type as PWL because the obtained results were higher than the SPL levels measured in field. For 
Calçadão’s noise map, the calculation method that best converged with field results was: NMPB / 
PWL / LW / with 2 reflexions and grid size 10m x 10m. 

4. RESULTS 

4.1 Field measurements 
 
In Table 1 the results of the field measurements are presented. As it can be observed, the Calçadão 

consists on a relevant urban noise source, as the obtained values for LAeq are over 67 dB on average. 
 In general, the results obtained for Saturday are higher than those from the weekday. Whether is 

a weekday or a Saturday, the Calçadão receives a continuous flow of people and of urban traffic flow 
in its surroundings. Like in other commercial pedestrian areas of São Paulo, on Saturdays the Calçadão 
gets more crowded, thousands of people go shopping, there are more stores with their sound speakers 
directed to the sidewalk and more street traders screaming along the pathway.  

 
Table 1: SPL results ( LAeq and LASmax) for a weekday and on a Saturday 

 Weekday (Tuesday) Saturday Saturday - Weekday 
LAeq (dB) LASmax 

(dB) 
LAeq (dB) LASmax 

(dB) 
LAeq (dB) LASmax (dB) 

Point 1 68,3 76,3 74 77,2 5,7 0,9 
Point 2 61,3 77,2 68,4 75,9 7,1 -1,3 

Point 3* 69,7 80,5 - - - - 
Point 4 68,4 77,2 71,5 80,3 3,1 3,1 
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Average 67 78 71 78   
 * On Saturday’s measurements, it was not possible to get Point 3’s SPL.  
 

a)  b)  
Figure 5: Spectrograms for a) weekday and b) saturday measurements of Point 4  

For each measurement point,a spectrogram was obtained in order to identify any specific frequency 
component that can indicate a proeminent sound source. In Figure 5, only spectrograms of the 
weekday and saturday measurements of Point 4 are presented, thus no remarkable sound source was 
identified. A broadband spectrum from 20 Hz and 2000 Hz is observed, what implies that further 
studies should be carried out in order to obtain the isolated spectrum of each sound source.  

 

4.2 Acoustic Simulation 
 

As a result of the method described in item 3.4, a preliminary acoustic simulation of the Calçadão 
is presented in Figure 6 for Lday. Despite the slightly difference observed between weekday’s and 
Saturday’s sound pressure levels, it is remarkable that the people who attend the Calçadão and its 
surroundings are exposed to high Lday levels and the incorporation of this type of public space should 
not be underestimated in the São Paulos public policies related to urban sound management.  

 

a)  b)  
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Figure 6: Calçadão’s Lday map genereted with NMPB 2008 for a) weekday and b) weekend  
 

5. CONCLUSIONS AND FUTURE WORK 
 
The Calçadão of Osasco is a representative study case for the acoustic characterization of 

commercial pedestrian streets of São Paulo and its metropolitan area. Such public spaces are of high 
importance in the city dynamic as they handle with high pedestrian volumes and levels of activity 
throughout the day.  

A first approach on how to deal with this unconventional urban sound source in noise mapping 
elaboration is presented in this paper and the results indicates that the commercial pedestrian streets 
of São Paulo presents high Lday values. In this study, NMPB 2008 calculation method was the one that 
better converged with field measurements, but further studies should be carried out in order to evaluate 
if international calculation models could be used, or a specific one should be developed to attend the 
Brazilian urban sound management demand.  

Also, in future studies, it is intended to deepen in the study of the acoustic behavior of several 
sound sources identified by soundwalkings that need to be taken into account for the acoustic 
prediction e.g. individual people sound, street traders screaming, crowds babble. 

The approach presented in the study aims to inspire more research on how to incorporate 
commercial pedestrian streets in São Paulo’s first noise map elaboration Conducting an accurate 
diagnosis will enable the public administration to set realistic targets for noise reduction and/or 
preservation of the soundscape of remarkable areas while improving the acoustic experience of the 
city public spaces. 
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ABSTRACT 
Starting July 1, 2019, all new types of hybrid electric and pure electric vehicles in the EU must be equipped 
with an Acoustic Vehicle Alerting System (AVAS), in particular to warn pedestrians at low driving speed. In 
a case study, comprehensive measurements of the pass-by levels on 7 current electric vehicles were carried 
out at constant pass-by speeds of 10 km/h to 50 km/h. This involved recording the sound pressure level 
including and without AVAS. The results show that in some cases the pass-by level is considerably 
increased by the AVAS. Due to the frequently low speeds in urban traffic, the AVAS will play a relevant 
role for the future acoustics and soundscape of cities. On the one hand, electric vehicles generally induce 
less noise in urban traffic than vehicles with combustion engines – a chance to reduce health threatening 
urban environmental noise. However, since the AVAS of electric vehicles is intended to attract attention for 
safety reasons, it can on the other hand also generate additional noise annoyance. Considering an increasing 
share of electric vehicles in urban traffic in the future, the effects on urban soundscape and the quality of 
life are investigated. 
 
Keywords: Electric vehicles, Acoustic Vehicle Alerting Systems (AVAS), Soundscape, Quality of life 

1. INTRODUCTION 
Road traffic is the main source of noise, especially in urban areas, and often exposes people to 

high noise levels. In the European Union by itself, an estimated 125 million people are exposed to 
road traffic noise levels above 55 dB(A) Lden (day-evening-night level) (1), which, according to the 
current Environmental Noise Guidelines of the World Health Organization, can increase 
noise-induced health impairments, such as the risk of ischemic heart disease (2). According to the 
guidelines, the risk of adverse health effects is even increased from a level of road traffic above 
53 dB(A) Lden. Noise pollution and the associated impairment of quality of life cannot be ruled out 
even far below these levels (2). In a survey on quality of life with around 37,000 participants in 
33 European countries, around a third of respondents felt annoyed by noise in their neighborhood. In 
cities and urban areas, up to half of the respondents reported noise problems impairing their quality 
of life (3). 

Since the actual noise impact and annoyance cannot be fully explained by physical measurement 
and forecasting techniques, an integrated approach to noise assessment is often called for (4). The 
soundscape approach provides an opportunity to extend the classical noise assessment methods by 
focusing on the perception of the acoustic environment by the exposed persons (5). In recent years, a 
standardized framework has been developed to support a general understanding of soundscape and 
the practical application of the concept (6, 7). 

Since vehicles with electric motors are generally much quieter at low speed than vehicles with 
combustion engines (8, 9), there is a relevant noise reduction potential, especially in urban traffic. 
The low noise emissions from electric vehicles can, however, endanger the safety of pedestrians and 
cyclists, especially at low speed, as the vehicles are less well perceived. This can be dangerous  for 
example for blind people (10, 11). 
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For this reason, in accordance with the ECE regulations (for the European Union and other 
countries) as well as the technical regulations of the NHTSA (USA) for hybrid electric and purely 
electric passenger cars, there will be a requirement to install an Acoustic Vehicle Alerting System 
(AVAS) in the future (12, 13). Differences in the regulations of the NHTSA and the ECE are 
compiled in a publication by Wagner and Gajda (14). According to ECE Regulation No. 138, 
vehicles must emit a minimum sound level from motion up to a speed of 20 km/h. A frequency shift 
must take place to make the acceleration and deceleration of the vehicle audible . The AVAS must not 
exceed a defined maximum level. Thus the vehicle may only be as loud as the lowest permissible 
limit value for vehicles with combustion engine (12). Many e-vehicles currently have the option of 
temporarily switching off the AVAS via a switch in the interior of the vehicle (pause function). When 
the vehicle is restarted, the AVAS is automatically reactivated. This option will no longer be 
available in the future (15). 

At present, there are many e-vehicles that are already equipped with an AVAS. The AVAS causes 
additional noise emissions that can change the acoustic environment. There is a dilemma here 
between the perceptibility of warning signals to ensure safety and potential annoyance from artificial 
sounds. 

2. INVESTIGATION OF NOISE EMISSIONS FROM ELECTRIC CARS 
So far, there are only a limited number of studies that address the noise emissions of electric cars 

at low speed and the possible effects on urban soundscape and quality of life. There are certainly 
many studies that investigate the noise emissions of electric cars in comparison to cars with internal 
combustion engines (9, 10, 16, 17). However, the effect of acoustic warning systems on the 
environment was still not the focus of these studies. 

In general, the total noise of passing vehicles in city traffic is composed of the powertrain and  
tire/road noise. In theory, at low speed the noise of the powertrain dominates, while at higher speed 
the tire/road noise is decisive (18). For electric cars, the powertrain noise contributes only slightly to 
the total noise level. In a study investigating the rolling noise of electric car tires, the rolling noise 
was the main sound source even at a low speed of only 20 km/h (19). Here, however, there was no 
influence from AVAS. 

We assume that the AVAS will significantly increase the noise emissions of electric cars at low 
speeds and that this will have an impact on the urban soundscape and the quality of life. The present 
study therefore examines the pass-by levels of electric cars at low speeds. The noise emissions of 
passing vehicles at constant speed with and without AVAS are compared and evaluated. The first 
question here is to what extent the AVAS increases the pass-by level of vehicles. Subsequently, 
possible effects of AVAS on noise pollution, urban soundscape and quality of life will be discussed.  
Based on the previous knowledge and the factual context, findings on the possible influence of 
AVAS on urban soundscape and quality of life conveyed by noise pollution are finally derived. 

3. METHODOLOGY 

3.1 Sound measurements on electric cars 
In order to investigate the noise emissions of electric cars, noise measurements were carried out 

on 7 pure electric cars. The noise measurements on the vehicles were carried out during pass -by at a 
constant speed between 10 km/h and 50 km/h. Since the AVAS only generates noise in the speed 
range from the movement of the vehicle up to a maximum of 30 km/h, in the present case a focus 
was placed on driving speeds up to 30 km/h. Almost all the studied cars were already equipped with 
an AVAS. If the AVAS could be switched off by the driver in the vehicles, the pass-by levels 
including and without an AVAS were recorded. In this way, the acoustic contribution of the AVAS to 
the overall noise level can be determined. Table 1 below lists the electric cars  that were studied. In 
addition, it is described whether the vehicle is equipped with an AVAS and whether the AVAS can be 
manually switched off by the driver.  
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Table 1 – Studied electric cars 

Studied vehicle 

(manufacturer and model) 

Vehicle equipped 

with AVAS 

AVAS in operation (from the 

movement of the vehicle to a 

speed of approximately) 

AVAS can be 

switched off by 

the driver 

Hyundai Ioniq yes 25 km/h yes 

Opel Ampera yes 23 km/h yes 

Nissan Leaf yes 30 km/h yes 

Tesla Model S no - - 

Smart Forfour yes 30 km/h no 

Renault Zoe yes 30 km/h yes 

VW e-Golf yes 30 km/h yes 
 
The e-cars were mainly current models (first registration in 2016 to 2018), with a low mileage 

(average approx. 16,000 km). With the exception of the VW e-Golf, which was fitted with winter 
tires, all of the other cars were fitted with summer tires. The tires of the vehicles (nominal 
width/height to width in mm) ranged from 185/60 mm (Smart Forfour) to 245/45 mm (Tesla 
Model S). 

3.2 Conducting and analyzing the sound measurements 
The measuring arrangement for the recording of the pass-by levels was carried out in accordance 

with the requirements of Regulation (EU) No. 540/2014 (20). The sound pressure level (LAFmax) at a 
distance of 7.5 m from the center axis of the vehicle was measured at constant speeds of 10 km/h, 
20 km/h and 30 km/h on the left and right sides of the vehicles. The sound measurements per speed 
and situation were carried out for at least 6 vehicle passes, so that at least 12 sound measurements 
were carried out for each speed. 

The measurements were carried out on a minor road with a low background noise level in August 
and November 2018. The pass-by levels of the vehicles studied (LAFmax) were at least 10 dB(A) 
above the background noise level (LAF95%) on each of the measurement dates. A relevant influence of 
background noise on the sound measurements can be excluded in this case. The noise measurements 
on the vehicles at a constant speed of 10 km/h represented an exception. In this case, the pass-by 
levels of the studied vehicles were still at least 7 dB(A) above the background noise level, so that no 
relevant influence on the pass-by level can be expected in this case as well. However, this is an 
acceptable value for sound measurements on electric cars. In comparable studies, the noise 
measurements on electric vehicles at low speeds were only rejected if the noise level during pass-by 
was less than 3 dB(A) above the background noise level. (17). No background noise correction was 
performed.  

The surface course of the road at the measuring site consisted of asphalt concrete (AC) with a 
grain size of 0/11 mm. All measured values were used in the evaluation of the measurements.  Only 
measurements that were obviously influenced by disturbances (levels not caused by the passing of 
the vehicle) were not taken into account for the evaluation. For each vehicle and speed, the 
arithmetic mean of the pass-by levels was calculated. In the evaluation of the measured values 
(LAFmax), the variance per vehicle and speed was usually approximately 1 dB(A), in rare cases up to 
2 dB(A).  

4. RESULTS 
The following table compares the sound pressure levels (SPL) during pass-by of the electric cars 

examined at 10 km/h, 20 km/h and 30 km/h with and without AVAS. For the sake of clarity, the 
values listed in the table were rounded off to whole numbers.  The differences of the pass-by levels 
including and without AVAS were, however, calculated from the non-rounded arithmetic mean of the 
measured values. 
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Table 2 – 7.5 m pass-by level (LAFmax) of the e-vehicles including and without AVAS in dB(A) 

Studied vehicle 

(manufacturer 

and model) 

SPL including AVAS 

 

(at 10/20/30 km/h) 

SPL without AVAS 

 

(at 10/20/30 km/h) 

Difference in SPL  

including and without AVAS 

(at 10/20/30 km/h) 

Hyundai Ioniq 49/56/60 43/54/60 6/2/0 

Opel Ampera 49/52/57 42/51/58 7/1/0 

Nissan Leaf 47/52/58 44/52/58 3/0/0 

Tesla Model S - 46/56/62 - 

Smart Forfour 45/53/59 - - 

Renault Zoe 54/58/60 43/53/60 11/5/0 

VW e-Golf 50/57/62 50/56/62 1/1/0 
 
It can be seen that the pass-by levels of electric cars caused by the AVAS sometimes increase 

significantly, especially when passing by at 10 km/h. When driving past at 20 km/h, the level 
increase is less distinct, but is still present, whereas when driving past at 30 km/h, no relevant level 
increase is detected by the acoustic warning system in any of the studied vehicles. The level increase 
due to the AVAS is very variable. While the acoustic warning system increases the pass -by level of 
the Renault Zoe by 11 dB(A), the AVAS only increases the level of the VW e-Golf by 1 dB(A). 
Correspondingly, the acoustic warning system of the vehicles is designed very differently by the 
manufacturers. 

The pass-by levels including AVAS were sometimes very different on the left and right side of the 
vehicle. The investigated Renault Zoe represents an extreme case. Here, differences in the pass-by 
levels of 7 dB(A) and 4 dB(A) were determined between the left and right sides of the vehicle at 
10 km/h and 20 km/h, respectively. Wagner and Gajda suspect that higher levels than necessary will 
be induced on certain sides of the vehicle if only one speaker is installed for the warning signal and 
manufacturers are required to comply with the AVAS minimum sound pressure level on all sides of 
the vehicle (14). 

In addition to the increase in the sound pressure level, the evaluation of artificial noise by other 
road users such as pedestrians or residents plays a decisive role. In order to investigate the possible 
effect of AVAS on urban soundscape and quality of life, existing studies on the perception of 
acoustic warning systems will be summarized in the following. Based on the previous knowledge 
and the factual context, findings on the possible influence of AVAS on urban soundscape and quality 
of life conveyed by noise pollution are finally derived. 

5. DISCUSSION 

5.1 AVAS - potential conflict between safety and annoyance 
The measurements on the sample of electric cars show that the AVAS can significantly increase 

the pass-by level in certain cases. Basically, this leads to a conflict between the desired traffic safety 
and a possible noise annoyance caused by artificially generated sounds.  

Already in 2010, Giudice et al. pointed out that artificial sound from electric vehicles could be 
annoying, impair the soundscape and quality of outdoor living (21). According to Genuit and Fiebig, 
noise can be particularly annoying if it is perceived as unnecessary. Especially in the case of 
artificially generated warning signals from electric vehicles, noises might find little acceptance. In 
addition, the overlaying of warning noises could create an annoying acoustic environment (22). Thus 
Genuit and Fiebig describe that the influence on environmental noise is often not fully taken into 
account in the development of warning signals for electric vehicles. In particular, aspects of 
perception and annoyance caused by multiple vehicles with warning signals are generally not taken 
into account (23). 
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A study on the annoyance of AVAS showed that both the individual  pass-by of an electric car with 
AVAS and the pass-by of several electric cars with AVAS were perceived by the study participants in 
listening experiments as being considerably more annoying than the pass-by of cars with a 
combustion engine. Steinbach and Altinsoy suspect that this may be due to the fact that participants 
are familiar with the sound of cars with internal combustion engines, while the artificial warning 
signals of e-cars were probably previously unknown among the participants (24). Similar findings 
were obtained in a listening experiment study on the detectability and annoyance of various warning 
signals from Parizet et al. Some warning signals were perceived as annoying as the noise of a diesel 
car passing by. Here it was also shown that the recognition of a warning signal strongly depends on 
the timbre, but not on the total sound pressure level (25).  

In addition to the annoyance for the environment, the warning signals, according to Wagner and 
Gajda, can also be perceived as annoying by the driver, since the vehicle can no longer be moved 
silently and the artificial noise is added inappropriately to the vehicle's own noise.  The driver often 
has reservations about disturbing the quiet environment with artificial noise, which is why the noise 
is often paused manually by the driver directly after starting the vehicle (14). 

5.2 Possible consequences for urban soundscape and quality of life 
The described studies on the perception of AVAS in electric vehicles suggest that artificial sounds 

of electric vehicles may influence the soundscape in cities and consequently may become a noise 
annoyance in the future. The much-discussed and aspired urban quality of life could thus be further 
restricted. The soundscape concept represents an interdisciplinary, holistic approach in which the 
perception of the acoustic environment by the exposed is the main focus. Basically, a distinction is 
made between the perceptual construct (soundscape) and the physical phenomenon (acoustic 
environment). The soundscape is (only) created by the human perception of the acoustic 
environment (6). For example, the effect of an acoustic environment on well-being and quality of life 
can also be addressed. Data acquisition in soundscape studies should take place, for example, 
through sound walks, questionnaires, guideline-based interviews and binaural measurements. Ideally, 
the data should be collected on site. According to ISO/TS 12913-2:2018, each soundscape study 
should always consider the key components of the user, acoustic environment and context (7). 

Since the share of e-cars with AVAS in total traffic is still relatively low at the moment and the 
total noise level in cities is usually dominated by the noise of vehicles with combustion engines, it is 
currently difficult to conduct soundscape studies in an acoustic environment that is influenced to a 
sufficient extent by AVAS. In soundscape studies with the simulation of acoustic environments and 
the execution of listening experiments, immersive methods should be taken into consideration when 
playing back via speakers or headphones (7). 

When considering the influence of AVAS on the acoustic environment and the soundscape, it is 
therefore inappropriate to derive generally valid conclusions, since the individual situation should be 
taken into account with the involvement of the exposed. From the previous knowledge and the 
factual context, however, the following findings can be derived on the possible influence of AVAS on 
soundscape and quality of life conveyed by noise pollution. 

Since the AVAS is only operated at low driving speeds up to a maximum of 30 km/h, an influence 
on the urban soundscape can be assumed, especially in certain traffic situations such as stop-and-go 
traffic, in residential areas or on minor roads. However, the possible influence is essentially limited 
to these situations, as the AVAS is masked by tire-road noise at higher driving speeds (14). Basically, 
however, it is precisely these traffic situations and the acoustic environments in which e -vehicles 
offer the greatest noise reduction potential compared to vehicles with internal combustion engines 
that are affected by potential noise pollution from the AVAS. 

A possible influence on the urban soundscape and an annoyance potential by the AVAS is given if 
the total noise level (from other road traffic or other sound sources) is particularly low.  

The personal attitude of the exposed to the sound source is relevant for the perception and 
evaluation of sound effects and should be considered in AVAS soundscape studies. One study, for 
example, found that people with a positive attitude towards air traffic (objectively) had less sleep 
disturbances caused by aircraft noise (26). It can be assumed that a generally positive attitude of 
exposed persons towards e-mobility influences the evaluation of the sound effects from the AVAS. In 
addition, noise annoyance and disturbance assessments may be influenced by other factors related to 
road traffic, such as traffic-related air pollution (27). Furthermore, changes in the assessment of 
vehicles as status symbols can play a special role, especially for the younger generation (28).  
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If the exposed are not familiar with the noises of the AVAS, it is possible that the noises of the 
AVAS are perceived as equivalent (25) or more annoying (24) compared to the noises of vehicles 
with combustion engines. 

An exclusion of vehicles with combustion engines in a city distric t or the redesign of a city 
district in which only e-vehicles are allowed to drive can represent a targeted design of an acoustic 
environment characterized by noises from AVAS. It can be assumed that the inclusion and 
information of the exposed increases the acceptance of the sounds. 

Soundscape studies on the effects of AVAS can provide in-depth knowledge on potential effects 
on the quality of life conveyed by noise pollution, particularly as there is a continuing need for 
in-depth research in this area. In a systematic review, Clark and Paunovic examined 14 quantitative 
studies on the link between road traffic noise and self-reported quality of life or health. Clark and 
Paunovic concluded that there is a very low evidence that road traffic noise has no relevant effect on 
the self-reported limitation of quality of life or health. The very low evidence of the assessment can 
be explained by the fact that there are too few studies in this field of research and that, in particular, 
suitable intervention and cross-sectional studies are lacking. The lack of evidence, however, does not 
necessarily mean that there are no effects, but that the complex interrelationships have not yet been 
investigated sufficiently (29). 

Should it turn out in the future that the acoustic warning systems of electric vehicles have a 
negative impact on urban soundscape and quality of life, the question arises whether road safety 
cannot be ensured in another way. There may also be other appropriate methods to warn the blind 
about quiet electric vehicles. Thus, according to Yamauchi, the problem is defined less by the silence 
of the e-vehicles than by the existing environmental noise. Forcing a quieter urban environment 
would make it easier to hear the quiet vehicles better. Enforcing stricter noise emission standards for 
vehicles would be beneficial not only for the visually impaired or the elderly with impaired hearing, 
but also for residents (30). 

6. CONCLUSIONS 
In the present study, the pass-by levels of a sample of electric cars including and without AVAS 

were recorded and the potential effects on urban soundscape and quality of life were discussed. The 
results of the case study show that the acoustic warning system can considerably increase the pass-by 
level of e-cars, especially at low speeds, but that the AVAS level increase varies considerably 
depending on the vehicle. The AVAS increased the pass-by level from 1 dB(A) to 11 dB(A) 
depending on the vehicle. When passing electric cars at 30 km/h with and without AVAS, no level 
difference anymore was determined. 

Regarding the possible influence of AVAS on urban soundscape and quality of life conveyed by 
noise pollution, it can be stated that it is precisely the traffic situations and acoustic environments in 
which electric vehicles have the greatest noise reduction potential compared to vehicles with internal 
combustion engines (low driving speeds and low background noise levels) that are affected by a 
possible noise annoyance by AVAS. It cannot be excluded that the sounds of AVAS will be perceived 
to be more annoying than those of vehicles with combustion engines. Ultimately, it is conceivable 
that the overlay of AVAS by varying tone pitches and tone durations can lead to a cacophony that 
leads to a disharmonic urban soundscape that disregards listening habits.  

The urban soundscape approach provides a suitable tool to gain basic knowledge for planning and 
designing acoustic environments and to improve the quality of life. With a fundamental change in 
transport systems expected in the future, the opportunity should be seized to actively design acoustic 
environments. Urban soundscape approaches are conceivable, whose basic considerations also 
include a still to be determined harmony of the AVAS in concept and planning. 

Should there be more evidence in the future that the acoustic warning systems of e -vehicles can 
be expected to have relevant negative effects on urban soundscape and quality of life, the question 
arises whether road safety cannot be ensured by other means. In the targeted design of acoustic 
environments, it is of particular relevance how the noises of electric vehicles harmonize with the 
environment (28) without endangering road safety and impairing the quali ty of life of residents. The 
proportion of electrically powered vehicles could rise significantly in many parts of the world in the 
coming years. Accordingly, the acoustic effects of an increasing share of electric vehicles in total 
traffic must also be investigated. 
  

2549



 

 

ACKNOWLEDGEMENTS 
The present study was supported by Consulting Engineers Dr. Droescher, including the provision 

of technical equipment to carry out sound measurements.  

REFERENCES 
1. Nugent C, Blanes N, Fons J, Sáinz de la Maza M, José Ramos M, Domingues F et al. Noise in Europe 

2014: European Environment Agency (EEA); 2014 [cited 2019 May 29]. Available from: 
https://www.eea.europa.eu/publications/noise-in-europe-2014 

2. World Health Organization, Regional Office for Europe. Environmental noise guidelines for the 
European Region. Copenhagen, Denmark: World Health Organization, Regional Office for Europe; 
2018. [cited 2019 May 29]. Available from: http://www.euro.who.int/__data/assets/pdf_file/0008/-
383921/noise-guidelines-eng.pdf?ua=1 

3. Ahrendt D, Anderson R, Dubois H, Jungblut J-M, Leončikas T, Pöntinen L et al. Quality of life, quality 
of public services, and quality of society. Luxembourg; 2017 Overview report. [cited 2019 May 29]. 
Available from: https://www.eurofound.europa.eu/sites/default/files/ef_publication/field_ef_document-
/ef1733en.pdf 

4. Lercher P, Coensel B de, Dekonink L, Botteldooren D. Community Response to Multiple Sound 
Sources: Integrating Acoustic and Contextual Approaches in the Analysis. Int J Environ Res Public 
Health 2017; 14(6):1-34. 

5. Fiebig A, Schulte-Fortkamp B. Soundscape - Fortschritte in der Standardisierung auf internationaler 
Ebene. Akustik Journal 2019; (1):36–43. 

6. International Organization for Standardization (ISO). Acoustics — Soundscape — Part 1: Definition 
and conceptual framework (ISO 12913-1:2014): ISO; 2014 Sept 01. 

7. International Organization for Standardization (ISO). Acoustics -- Soundscape -- Part 2: Data collection 
and reporting requirements (ISO/TS 12913-2:2018): ISO; 2018 Aug 

8. Marbjerg G. Noise from electric vehicles - a literature survey Nr. 537: Work Package WP3 within the 
COMPETT project; 2013 [cited 2019 May 29]. Available from: http://www.vejdirektoratet.dk-
/DA/viden_og_data/publikationer/Lists/Publikationer/Attachments/853/niose-from-electric-vehicles.pdf 

9. Pallas M-A, Bérengier M, Chatagnon R, Czuka M, Conter M, Muirhead M. Towards a model for 
electric vehicle noise emission in the European prediction method CNOSSOS-EU. Applied Acoustics 
2016; 113:89–101. 

10. Garay-Vega L, Hastings A, Pollard JK, Zuschlag M, Stearns MD. Quieter cars and the safety of blind 
pedestrians: Phase I, No. DOT HS 811 304, U.S. National Highway Traffic Safety Administration 
(NHTSA); 2010. 

11. Stelling-Kończak A, Hagenzieker M, Commandeur JJF, Agterberg MJH, van Wee B. Auditory 
localisation of conventional and electric cars: Laboratory results and implications for cycling safety. 
Transportation Research Part F: Traffic Psychology and Behaviour 2016; 41:227–42. 

12. United Nations Economic Commission for Europe (UNECE). Regulation No 138 Uniform provisions 
concerning the approval of Quiet Road Transport Vehicles with regard to their reduced audibility 
(QRTV); 2016 Oct 05. 

13. Department of Transportation, National Highway Traffic Safety Administration. 49 CFR Parts 571 and 
585 [Docket No. NHTSA–2016–0125] RIN 2127–AK93 Federal Motor Vehicle Safety Standards; 
Minimum Sound Requirements for Hybrid and Electric Vehicles; 2016 Dec 14. 

14. Wagner A, Gajda C. Akustische Landschaften - Wie laut ist das Elektroauto? Proc DAGA 44; 19-22 
March 2018; Munich, Germany; 2018. p. 792–5. 

15. United Nations Economic Commission for Europe (UNECE). UN Regulation No. 138, Uniform 
provisions concerning the approval of Quiet Road Transport Vehicles with regard to their reduced 
audibility, Revision 1; 2017 Oct 10. 

16. Stenlund F. Noise criteria for vehicles to enter Q-Zones: Deliverable 3.2.2 within the CityHush project; 
2011. 

17. Gasparoni S, Czuka M, Wehr R, Conter M, Pallas M-A, Berengier M. Impact of low-noise tyres on 
electric vehicle noise emission: Final Report within the FOREVER project; 2015 [cited 2019 May 29]. 
Available from: https://hal.archives-ouvertes.fr/hal-01349294/document 

18. Parizet E, Janssens K, Poveda-Martínez P, Pereira A, Lorencki J, et al. Chapter 4: Sound Quality of 
Electric vehicles. In: Campillo-Davo N, Rassili A, editors. NHV Analysis Techniques for Design and 
Optimization of Hybrid and Electric Vehicles. 1. Ed. Herzogenrath: Shaker; 2016. p. 313–55. 

2550



 

 

19. Czuka M, Pallas MA, Morgan P, Conter M. Impact of Potential and Dedicated Tyres of Electric Vehicles 
on the Tyre-road Noise and Connection to the EU Noise Label. Transportation Research Procedia 2016; 
14:2678–87. 

20. European Parliament and Council. Regulation (EU) No 540/2014 of the European Parliament and of the 
council of 16 April 2014 on the sound level of motor vehicles and of replacement silencing systems, and 
amending Directive 2007/46/EC and repealing Directive 70/157/EEC: Official Journal of the European 
Union; 2014 Apr 16. 

21. Giudice S, Jennings P, Cain R, Humphreys L, Song W. Perceptual Dimensions for Electric Vehicle 
Sound Quality. Proc Inter-Noise 39; 13-16 June 2010; Lisbon, Portugal 2010. p. 7012–21. 

22. Genuit K, Fiebig A. Die Relevanz der Psychoakustik für die E-Mobility. Proc DAGA 38; 19-22 March 
2012; Darmstadt, Germany 2010. p. 85–6. 

23. Genuit K, Fiebig A. Alternative alert signal concepts and their perceptual implications. Proc Inter-Noise 
45; 21-24 August 2016; Hamburg, Germany 2016. p. 1683–92. 

24. Steinbach L, Altinsoy E. Lästigkeitsbewertung von Verkehrssituationen im Hinblick auf unterschied-
liche Antriebskonzepte. Proc DAGA 42; 14-17 March 2016; Aachen, Germany 2016. p. 85–6. 

25. Parizet E, Robart R, Ellermeier W, Janssens K, Biancardi F, Haider M et al. Warning sounds for electric 
vehicles. In: Fisita World Automotive Congress 2014 [cited 2019 May 29]. Available from: 
https://hal.archives-ouvertes.fr/hal-01026178/document 

26. Guski R, Klatte M, Moehler U, Müller U, Zur Nieden A, Schreckenberg D. NORAH (Noise Related 
Annoyance, Cognition, and Health): Questions, designs, and main results. Proc ICA 22; 29-31 August 
2016; Buenos Aires, Argentina 2016. p. 1–8. 

27. Guski R, Schreckenberg D. NORAH Noise-related annoyance, cognition, and health. 
Verkehrslärmwirkungen im Flughafenumfeld: Band 7: Gesamtbetrachtung des Forschungsprojekts 
NORAH; 2015 [cited 2019 May 29]. Available from: https://norah-studie.de//de/publikationen.html  

28. Schulte-Fortkamp B. Wie Elektrofahrzeuge neue Umwelten konstituieren - Akustisch-ökologische 
Balancen in Soundscapes. Lärmbekämpfung - Zeitschrift für Akustik, Schallschutz und Schwingungs-
technik 2012; Band 7(2):85–8. 

29. Clark C, Paunovic K. WHO Environmental Noise Guidelines for the European Region: A Systematic 
Review on Environmental Noise and Quality of Life, Wellbeing and Mental Health. Int J Environ Res 
Public Health 2018; 15(11). 

30. Yamauchi K. A discussion on the problem of quietness of hybrid and electric vehicles and additional 
warning sound for these vehicles. Proc Forum Acusticum 7-12 September 2014, Kraków, Poland 2014 p. 
1–8. 

2551



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany

 
 

 

Research on soundscape identification – A case study in Shenzhen, 
China 

Lei YU1; Jian KANG2; Chen XING3 
1,3 School of Architecture, Harbin Institute of Technology Shenzhen, China 

2 School of Architecture, University of Sheffield, UK 

ABSTRACT 
Subjective evaluation of soundscape is much related with the sound sources. Due to ambiguous 
understanding of annoy perception of a noise, a large number of soundscapes were recorded. The study 
samples were obtained via intensive field works covering spatial and temporal variations of Shenzhen, China. 
Using Co-kriging method, information content of sound source to all soundscape samples was thoroughly 
analyzed. Forty-four typical sounds representing various sound sources in Shenzhen were gained. 
Experimental research was conducted to depict how various sounds influencing subjective evaluations, in 
which more than two hundred participants were involved. Five soundscape categories were got based on 
cluster analysis on subjective annoyance evaluations to forty-four typical sounds. It is found that soundscapes 
with more natural sounds were perceived less annoy whereas the ones having more mechanical sounds 
perceived more annoy; however, to some soundscapes containing more urban living sounds or hybrid sounds, 
subjective evaluations were not definite. A reason might be related with an individual’s social and cultural 
background linking with former experiences from once happened incidents linking with social 
activities/functions. 
 
Keywords: Identification, Soundscape, Shenzhen 

1. INTRODUCTION 
Shenzhen is a coastal city located in the southern China near Hong Kong. Since having became the 

China’s first special economic zone in 1979, it has transformed from an unknown area with many 
fishing villages to one of the four China’s mega-cities nowadays. During such a transformation, the 
city’s population has increase from less than 100,000 in 1979 to more than 20 million in 2017, 
accompanied with huge traffic network built with a consequent of tremendous soundscape changes. 
Although the city is quite modern currently, it remains some ecological characters in its development. 
The city is reputed as ‘garden city’ in China with fruitful soundscapes, which need to be identified 
due to increasing physiological and mental health problem brought by noise pollution resulting in 
rapid industrialization and urbanization (1).       

In EU, the Environmental Noise Directive (END) was promoted to assess and manage sound 
environment for creating quiet environments and reducing sound negative influence on community 
(2). The noise map was given to identify noise exposure based on sound level calculations. Despite 
benefits of noise maps in controlling a high sound level area, a good sound environment does far not 
reach as sound sources have taken a part in deciding noise annoyance effects. Noise maps focus on 
negative sound sources such as traffics and industrials, but do not give positive information for 
pleasant/preferred sounds such as water flowing, bird singing, or tree rustling sound (3). Although 
being a metropolis, Shenzhen still has much mountainous and coast topography with ecological 
components owning a garden city reputation. It is quite important to take sound sources into account 
when managing urban sound environment, in which soundscape is more important.  

A soundscape is defined as a perceived acoustic environment (4), psychological effects of a 
soundscape to people are emphasized. In order to create a healthy city with a good sound environment, 
appropriate descriptor for a soundscape is crucial. Study pointed that affective quality of a soundscape 
                                                        
1 leilayu@hit.edu.cn 
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perception towards a 2-dimensional soundscape model is useful (5 . Among the many soundscape 
descriptors, noise annoyance is acknowledged as a main indicator to evaluate noise and usually lead 
immediate reactions of acoustic environment (6). Implementing soundscape approach to assess noise 
annoyance has been broadly investigated. Former study suggested that except sound level, sound 
source containing certain information is important to determine subjective noise perception  (7). For 
creating healthy environment with a regard of sound aspect, identifying a soundscape specially on its 
annoyance attribute is necessary. Based on the soundscape concept, the study explored various 
soundscapes in Shenzhen and provided feasible tool to identify a soundscape according to annoyance 
descriptor from either sound level or sound sources. 

2. METHEDOLOGY 
For identifying a soundscape in Shenzhen, various acoustic environment samples have been 

collected through intensive field works covering different urban forms of Shenzhen. As the samples 
were gained according to the spatial disparity of the mega-city, they are assumed to present different 
kinds of soundscape in Shenzhen. As sound level influence on a soundscape is definite and can be 
easy measured, sound source (as another essential factor to soundscape) has been focused. In the study, 
44 typical sound sources were abstracted from 702 samples employing Co-kriging analysis. The sound 
sources were used in lab experiments for giving annoyance evaluations. Following this, ANN models 
were developed to present annoyance evaluation of sound sources based on acoustic and 
psychoacoustic factors. Using such models, annoyance evaluation from certain sounds could be 
measured. Combining annoyance evaluation of sound source with sound level, a soundscape can be 
identified with respect of annoyance descriptor by exclusively using acoustic and psychoacoustic 
factors, which can be obtained through calculations. 

2.1 Collecting study samples 
Shenzhen is a dense city with a high population within a long east-west narrow strip area. It is then 

developed along the east-west axis and formed various administration urban groups namely Da Peng, 
Long Gang, Bao An, Fu Tian, Nan Shan, and Luo Hu. Each one has its unique urban morphology that 
configures its own soundscape features. The selected study sites for collecting soundscape samples 
are selected to capture a wide range of urban configurations in terms of each administration urban 
group possibly expressing topological and morphological status of Shenzhen. Through a serial of 
intensive field studies in Shenzhen, 702 soundscape samples are obtained by route measurements 
meanwhile more than 60000 samples are collected by fixed measurements (8). The samples from route 
measurements reflect a diversity of Shenzhen soundscape according to spatial variations as 116 
different study sites concluded, while the samples from fixed measurements represent a diversity of 
soundscapes due to temporal variations as measurements were made covering variabilities of season, 
week, and day. In general, more than 60000 study samples reflecting various soundscapes in Shenzhen 
are obtained. Geographically, soundscapes from the purely nature areas, low density built areas with 
some natural components, and artificial areas barely with natural component are got. Temporally, 
various time’s soundscapes from different season, week, day, and time are also obtained.  

2.2 Lab experiments 
As sound source is the key determinant to a soundscape as containing information to affect peoples ’ 

perception, lab experiments are designed to elicit subjective evaluations of different sounds. After 
analyzing sound sources differentia to all collected samples based on spatial and temporal 
characteristics, 44 soundscape samples are selected from all the samples as assumed to stand for all 
soundscapes of Shenzhen. The selection work is through firstly comparing soundscapes obtained in 
the fixed measurements and the route measurements according to sound level variations and then 
analyzing amplitude domain, frequency domain, and time domain acoustic and psychoacoustic factors 
of the collected samples (9). In order to get effective responses in the lab experiment, 44 samples from 
field studies were cut into 25 seconds recording. For excluding sound level influence on subjective 
evaluation to sound source as sound meaning is emphasis, 44 recordings were adjusted to the same 
sound level as 65 dB in the lab. The 44 sound samples and questionnaire surveys were combined using 
MATLAB software and replayed randomly to the subjects. In total, 161 participants involved in the 
lab experiments with various social/demographic background. 
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3. RESULTS 
As sound levels and sources are key factors to decide a person’s perception of a soundscape, 

identifying a soundscape should take these two factors into account simultaneously. It is simple to get 
a value of sound level in measurement, however to get sound meanings only by measurement is rather 
difficult. In the study, subjective evaluations of 44 recordings from the lab experiments used to know 
affection information of sound sources. As noise annoyance is a key factor acknowledged as 
evaluative aspects related to ‘noise’ (6), the study used noise annoyance indicator to categorize sound 
sources based on data obtained from lab experiments.  Then, employing ANN models to predict sound 
sources according to the sound categories.  

In order to use noise annoyance to categorize sound sources, hierarchical clustering analysis is 
applied to quantitatively analyze relationship of sound sources to the noise annoyance evaluation.  A 
5-category from the least annoyance to the most annoyance is found to the 44 sound sources as shown 
in the Figure 1. 

 

Figure 1 – Hierarchical clustering analysis on 44 sound sources  

To each sound source category, the exact involved sounds are shown in the Table 1, which can be 
seen that the Category I includes almost natural sounds such as sea waves, bird twittering, sounds of 
streams, the Category II includes natural and also meaningful urban living sounds, the Category III 
includes most urban living sounds but barely mechanical sounds, the Category IV includes  some 
natural sounds, some urban living sounds and some mechanical sounds, however the Category V 
includes most mechanical sounds.  

Table1 – Sounds and sound category according to the hierarchical clustering analysis  

Sound category Sounds Avg. of Annoy Eva. 
Wave, wind, running water, rain, birdsong, insect 5.51 

Birdsong, insect, human living, aircraft, music, rain, wind, 
 road traffic, yacht, running water, frog 

4.38 

Music, activity (playing ball), amplified broadcast, birdsong, insect, 
road traffic, activity, human living, rain, machinery noises,  

aircraft, wind 

3.83 

Birdsong, insect, human living, yacht, construction machine, human 
living (commercial noise), wave, music, road traffic, 

 machinery noises 

3.35 

Running water, yacht, birdsong, insect, construction machine, 
human living, machinery noises 

2.39 

I II III IV V 
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According to the Table 1, it can be concluded that sound sources referring to annoy perception 
could be quantitatively categorized and measured based on sound types included. The more natural 
sounds the soundscape would be perceived less annoy, the more mechanical sounds the soun dscape 
would be perceived more annoy. To the urban living sounds, their affection on annoyance are mostly 
decided by how meaningful of it in a whole soundscape, when more natural sounds mixed with the 
urban living sounds, they turn to present active affection on mitigating annoy perception; but when 
more mechanical sounds mixed, they turn to show more negative affection.  So it is acknowledged that 
natural sounds contribute good quality to a soundscape whereas mechanical sounds offer bad one 
while urban living sounds are neutral.  

Therefore, the following sections discuss how to identify a soundscape in Shenzhen according to 
sound levels and sources it contains. For calculating sound source contribution on a soundscape, a 
descriptor of occupation percentage of one kind of sound sources (natural, urban living, mechanical)  
named PctN, PctU, and PctM, is used and obtained by listening the studied soundscape samples.  

3.1 Soundscapes inside the ecological line 
Shenzhen has a unique morphology according to an ecological  line, which is appointed by the 

Shenzhen Urban Planning and Natural Resources Bureau. The ecological line is defined according to 
the hilly terrain and coastline topography that remains very natural areas inside the line whereas very 
urbanization areas away from the line and hybrid areas mixed natural and artificial components around 
the line. This provides interesting base to form a very different soundscape in this city.  

To identify a soundscape inside the ecological line, study samples from 36 case study sites are used 
including either route or fixed measurements. A variation sound level of soundscapes in these areas is 
from 35 dB(A) to 70 dB(A), and average sound level to all the time according to the fixed 
measurements is 54.1 dB(A). However, the highest average sound level occurs in the afternoon 
(14:00pm – 17:59pm) and the lowest one occurs in the morning (8:00am – 10:59am). This variation 
might be related with creatures’ activity time. Maybe with the same reason, the sound level in summer 
is higher than that in winter although the difference is not obvious, but the variation in summer is 
rather bigger than that in winter, indicating winter is the rather quiet season in the Shenzhen ecological 
area. 
Although there is very limit development inside the ecological line, there are still road constructions 
and artificial green spaces and fish villages exist creating various fabric configurations in the 
ecological areas60Table 2 shows the correlations of urban development indices with a soundscape 
referring sound level and source parameters. It can be seen that only ratio of road areas and ratio of 
green land areas have been involved which is because other indices are barely used as not much that 
kinds of development made. From the Table 2, it can be seen that sound level and sound source 
parameters are significantly correlated with ratio of road and green land; however, the correlation is 
positive to positive to the road and negative to the green land referring sound level indicating more 
green lands lower sound level and more road areas higher sound level.  According to sound source, a 
significant positive correlation is found to green land with PctN and road areas to PctM, whereas a  
significant negative is found road areas to PctN and green land to PctM. The results show that more 
road areas would create more mechanical sounds (most traffic noise) and less natural sounds but more 
green land would create more natural sounds both significantly.  

Table2 – Relationships of Sound level and source with development indices inside ecological line  
Ratio of road area Ratio of green land area

Sound Level .225* -.255* 
PctN -.557** .808** 
PctM .528** -.780** 

**. Correlation is significant at the 0.01 level 
*. Correlation is significant at the 0.05 level 

3.2 Soundscapes outside the ecological line 
For soundscapes outside the ecological line, 80 case study sites can be used while 20 of them from 

the complete urbanization areas and 60 from the areas mixed natural and artificial components. To the 
complete urbanization areas, sound level is varied from 48 dB(A) to 83 dB(A) and average is 64.7 
dB(A). There is not much difference of sound level in different times of a day and also different 
seasons of a year, which is unlike the areas inside the ecological line. To the hybrid areas surround 
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the ecological line, it is also found that barely difference of sound level in different times of a day and 
also not much difference in different season.  

Although sound level changes in the areas outside the ecological line are limited, further study of 
various urban development indices on a soundscape refereeing sound level and sources in the 
urbanization and hybrid areas has been made, results are shown in the Table 3 & 4. The Table 3 shows 
that the sound level and PctN and PctM correlations with the development parameters in the complete 
urbanization area. It can be seen that sound level is significantly correlated with FAR, building 
coverage density, ratio of road area, ratio of green land area. Except green land, all other correlations 
are positive indicating with a denser development, a sound level is getting higher. However, the 
situation is opposite to PctN although similar to PctM. All development indices have a negative 
significant correlation with PctN except ratio of green land areas indicating a denser development 
eliminating more natural sounds. To PctM, the number of building floors is not significantly correlated 
with. Likely sound level, PctM has positive correlation with all the development indices except ratio 
of green land area, indicating a denser development creating more mechanical sounds.  

Table3 – Relationships of Sound level and source with development indices in the complete 
urbanization areas  

Land use FAR Building 
coverage density

Building 
floors

Ratio of 
road area

Ratio of green 
land area

Sound Level 0.091 .328** .327** -0.03 .333** -.281** 
PctN -.300** -.364** -.439** -.239** -.173** .483** 
PctM .212** .137* .160** 0.091 .257** -.306** 

**. Correlation is significant at the 0.01 level  
*. Correlation is significant at the 0.05 level 

Table4 – Relationships of Sound level and source with development indices in the hybrid areas  

Land use FAR Building 
coverage density

Building 
floors

Ratio of 
road area

Ratio of green 
land area

Sound Level .343** .396** .434** .190** .476** -.508** 
PctN -.604** -.484** -.546** -.332** -.472** .659** 
PctM .510** .334** .358** .304** .475** -.525** 

**. Correlation is significant at the 0.01 level  
*. Correlation is significant at the 0.05 level 

3.3 Identifying a soundscape by using ANN 
From above analyses it is found that identifying a soundscape needs to get knowledge of sound 

sources, which are obtained through calculating hearing times of natural sounds, mechanical sounds, 
and urban living sounds to a soundscape recording in a certain time. However, such a way is not 
efficient for measure a soundscape in reality. Through lab experiments, 5 sound categories reflecting 
subjects responding of annoyance evaluation can be got using the hierarchical clustering analysis. The 
sound categories express information of sound sources as natural, mechanical, urban living meanings. 
This can be seen from the Table 1 of sound category and its including sounds. It is thus prospective 
that sound sources of a soundscape could be measured if they could be predicted by measurement 
parameters such as acoustic and psychoacoustic parameters. In the study, using artificial neural 
network (ANN) model to predict and judge sound source is developed to give a method to measure 
type of sound sources containing in a soundscape. 

For training ANN models to predict sound source for identify a soundscape, acoustic and 
psychoacoustic parameters from amplitude domain, frequency domain, and time domain have been 
considered as input, the output is the 5-category sound. As PctN, PctU and PctM are parameters to 
describe sound sources closely related to the 5-category sounds, their relations with the acoustic and 
psychoacoustic parameters are broadly analyzed as important in accuracy of ANN model prediction. 
Table 5 shows correlations of the acoustic and psychoacoustic parameters with PctN, PctU and PctM 
to the 5-category sounds. 

Using the parameters significant to the sound source, two kinds of ANN models are developed: 
one is the general model for all the 5 category sounds; the other is the sub models, one for the 3 of 5 
category sounds and the one for the 2 of 5 category sounds as they are found having different 
significant influence factors. The result shows that the sub model has better prediction with an average 
accurate prediction of 0.83 to one and 0.73 to another whereas the general model did much worse with 
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an average accurate prediction of 0.53. This shows again that closer relationships between inputs and 
output are key determinant in which a general model is usually ineffective (10). To identify a 
soundscape according to sound level and sound source variations, the sound level should be firstly 
considered critical factor in determining subjective annoy perceptions (10), however, when the sound 
level is up to a certain value (say 55 dB) and below to a certain value (say 65 dB), the meaning of 
sound source might play more roles. And this can be measured by using ANN models.  

Table5 – Relationships of sound sources with acoustic and psychoacoustic parameters   
Sound 
source 

 Leq L10 L50 L90 Loudness Roughness Sharpness Fluctuation 
strength Tonality 

PctN -.322** -.309** -.325** -.330** -.287** -.094 -.156 .194 -.157 
PctU .149 .15 .149 .135 .11 .029 -.023 -.023 .139 
PctN -.412** -.356** -.486** -.527** -.469** -.102 .316** .062 .119 
PctM .331** .292** .415** .459** .453** .242** -.197** -.170* -.182** 
PctU .174* .143* .175* .180** .106 -.149* -.200** .117 .053 
PctN -.442** -.412** -.559** -.616** -.465** -.016 .453** -.212** .215** 
PctM .174* .143 .269** .331** .203* -.121 -.375** .045 -.288** 
PctU .457** .449** .517** .527** .455** .169* -.231** .267** .027 
PctN -.395** -.389** -.449** -.488** -.375** -.140* -.016 -.268** .148* 
PctM .189** .211** .173* .087 .119 .326** -.072 -.222** -.067 
PctU .187** .163* .249** .359** .231** -.158* .077 .431** -.073 
PctM .533** .530** .481** .445* .554** .444* .203 .451* .073 
PctU .041 .015 .106 .223 -.059 .068 .015 -.295 .452* 

**. Correlation is significant at the 0.01 level  
*. Correlation is significant at the 0.05 level 

4. CONCLUSIONS 
Using the soundscape samples from a wide range field studies in Shenzhen, the study explores 

soundscapes in different areas of Shenzhen due to its ecological particularity.  It is found that the sound 
level is usually low to the areas inside the Ecological Line with more natura l sounds and less 
mechanical sounds whereas the sound level is usually higher to the complete urbanization areas with 
more mechanical sounds. To identify a soundscape, sound level and source should be emphasized. 
The more developed areas usually have high sound level and less natural sounds and more mechanical 
sounds, but the less developed areas are opposite. Although a soundscape could be roughly identified 
according to the urban morphological indices, specific identification based on quantitative descriptors 
is still necessary in which measurement is required. It is easy to measure sound levels of a soundscape 
but difficult to measure sound source. In the study, sound sources have been categorized into 5 based 
on evaluation surveys in a lad condition. A good prediction model to sound sources is sub models. To 
identify a soundscape affection on annoyance perception, sound level should be taken firstly and then 
sound source when the level falls in certain value.        
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ABSTRACT 
Alara-Lukagro is a project based manufacturer of acoustic enclosures, components and attenuators. These 
are often placed in projects where they are part of a number of components that have a strong effect on the 
acoustics. In order to predict such a variety of situations software was developed in line with international 
noise mitigation standards. The attenuation values are based on laboratory measurements and measurements 
in situ. Low frequency attenuation rarely results in shortcomings, a larger spread in results is found in the 
high frequency range.. This paper shows how the attenuation is determined on a geometric chain model, and 
how it can be engineered in order to design a good attenuator in complex realistic acoustic environments.  
 
Keywords: Attenuators, Directivity dependence, Noise attenuations 

1. INTRODUCTION 
As a manufacturer of acoustic solutions, the received information is limited. Mostly however this 

information satisfies to calculate simple and complex projects based on calculation rules and test 
results from laboratories. Noise requirements have become more stringent and there is a lot of 
competition. Due to variable rotation velocities and the way noise source data is often only available 
in octave band values, splitter silencers are often a more suitable option than resonator silencers. 
Fitting a broadband solution to a set of data and geometries leads to a design meant to beat the 
competition. How certain is this outcome, and does the wat we calculate lead to systematic errors that 
can or should be avoided in order to make better predictions on the end result of a noise control 
design? The evaluation considers a number of aspects: 

 How accurate can absorption be predicted? 
 How well does the division into near field and far field Eyring(1) work? 
 How accurate is data provided by the suppliers? 
 How well can transmission loss from laboratories be compared with transmission loss in 

the field? 

2. Model 

2.1 General design 
The main philosophy is to use a standard calculation program for critical paths and for bulks. The 

calculation program for critical paths is most interesting. It creates a chain of steps, that can be mere 
algebraic, or unfold from 1D into 3D (room) acoustic models, always respecting calculation rules, 
room acoustics and the energy balance. Some boundary assumptions for reversed sound apply.  

 

 
Figure 1 – Chain of elements 1 D information potentially unfolded into 3D blocks 
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2.2 Boundary conditions 
In the current model, sound that is reflected back into the source channel opening is assumed to 

disappear completely. Multiple bent reflections therefore do not lead to a theoretical increase at the 
receiver side. Boundary conditions and algebraic components were evaluated, but are not included in 
this report. 

2.3 Room acoustics 
The direct noise, the ground reflections and the corner or edge reflections are summed up as the 

direct sound. The reverberant noise is reduced by the direct source contribution, when direct sound 
can be calculated. The sound acting upon a surface is the sum of the reverberant and the direct sound. 

 
 

 
 

Figure 2 – Example of a model with 6 elements, optimization and free field problem 

2.4 Flow generated noise 
For each step (change from room to room, or channel to room, or room to channel, or room/channel 

into free field) the flow generated noise power per area is calculated in accordance with VDI 2081(2) 
'worst case' this noise is added to the sound power. The levels are always based upon the highest 
average velocity and smallest area. If there is any relevant throttling, that will generate flow generated 
noise, the program will automatically account for it at the end of each block. 

2.5 Geometric expansion 
As a manufacturer, our solutions are generally evaluated at close proximity. The noise is still quite 

directional and is likely less under a 90o angle from the source plane than on a small angle from the 
radiating surface. This led to the implementation of a safety margin, This safety margin is in line with 
the expansion of a theoretical cube (see figure 3). Further away the curvature of noise leads to a wider 
expansion. Because as a manufacturer we are rarely informed about the specifics of the environment 
(reflections) currently there is no transition into normal halve bulb expansion (yet).  

 
Figure 3 – Expansion in close proximity of the source 

 
Besides expansion near field correction may apply. Because the calculation is done automatically 

near field correction always applies. Since there are so many steps in any given calculation, it was 
decided to use a more accurate continuous equation for the near field correction,  which is based on a 
best fit with the numbers in the ILHR13.01(3).  

2.6 Available elements 
Numerous restraints, requirements and conditions can be set. More interesting are the currently 

available elements. The elements that are available in the calculation tool are: 
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Table 1 – Elements (phenomena) 
A Rounded bents 
B Sharp bents 
C Expansions 
D Room acoustics 
E Sound insulation elements 
F Splitter attenuators (optimization ) 
G Louvres 
H Acoustic louvres 
I Sound sources (Lw, Lp) 
J Algebraic user defined equations 

 
This means any situation that was evaluated was built up in the calculation tool only with the above 

mentioned elements. 

2.7 Evaluated projects 
A large number of projects ware evaluated. Projects that were measured after the introduction of 

the calculation tool were measured more extensively with the aim to carry out this evaluation. The 
project that were included to evaluate the evaluation tool  are in table 2 (anonymized). 

 
Table 2 - Projects 

No. description 
1 Energy plant in residential area with ten 2.5 MW el. Gas engines (United Kingdom) 
2 Test facility with three test cells for diesel and gas engines for large vessels (Germany)  
3 Energy plant in residential area with one 2.5 MW el. Gas engine (France)  
4 Heat and power mini plant 1.6 MW el.in a greenhouse (Belgium) 
5 Silencer on a chimney (Netherlands) 
6 Power pack test 500 kW el. (Netherlands) 
7 Mobile Pump installation test (Netherlands) 
8 Heat and power mini plant 1.6 MW el. In a greenhouse (Netherlands) 
9 Emergency power with 9 diesel engines 2 MW el.(Germany) 
10 Existing silencer on a production facility (Netherlands) 
11 Enclosure around an electrical pump installation (Netherlands) 
12 New silencer in an underground concrete structure (Netherlands) 
13 Gas power plant with more than three 10 MW el. gas engines (Germany) 
14 Power containers for emergency power with 3.5 MW el. diesel engines (Netherlands)  
 
For privacy reasons of our customers no more details than mentioned above will be made available. 

This list is to illustrate the nature and the magnitude of this evaluation. 

3.  Evaluation 

3.1 Different reasons for measurements 
The projects that were evaluated were not chosen randomly. In general projects are not evaluated, 

unless there is a suspicion, or an agreed request before sales to do so. When the data of the evaluation 
is processed, this intention was to keep this distinction. In practice other factors can disturb the 
measurements. In order to maintain a significant amount of measurements all projects are included.  

3.2 Absorption values 
As a noise control solution firm a lot of projects involve big gas or diesel internal combustion 

engines, which typically require attenuation in the lower frequencies (31-250 Hz octave bands). The 
rate between direct noise radiated on acoustic elements and reverberant noise acting upon the element 
strongly favors the reverberant noise. So the absorption coefficient is a very important paramete r. The 
absorption coefficient in an impedance tube is typically lower than in a reverberant room. The 
situation in practice is most often more like a reverberant room than an impedance tube. However the 
ISO 354 (4) allows to use sample sizes that increase the area of absorption to above the limit where 
Sabine applies (1). 
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Therefore it is important to determine the right absorption coefficient. In some projects the sound 
source couldn't be switched off, or the room was too big, or too noisy to determine reverberation times. 
Therefore not all noise measurements include reverberation measurements.  

Initially the absorption coefficient used in the calculation tool was a safe estimate based on the 
Sabine absorption coefficient according to ISO 354 (4). Improvement by using measured Eyring 
absorption values already resulted in a 0.8 dB better prediction of the acoustic pressure in the 
machinery room. Taking into account that measurements were done manually and an acoustician was 
therefore present in the room another 0.05 dB of the total dB(A) level can be accounted for. The used 
average absorption with a different material property list is given in see table 3, the influence of 
manned measurements in table 6. 

  
Table 3 – Eyring average shell Absorption values [-] 

See Table 2 31 
Hz 

63 
Hz 

125 
Hz 

250 
Hz 

500 
Hz 

1 
kHz 

2 
kHz 

4 
kHz 

8 
kHz 

1 old 0.10 0.13 0.31 0.59 0.66 0.73 0.73 0.69 0.69 
1 new 0.09 0.16 0.26 0.41 0.44 0.55 0.61 0.64 0.59 
3 old 0.03 0.03 0.11 0.13 0.14 0.18 0.17 0.15 0.14 
3 new 0.03 0.04 0.10 0.12 0.14 0.17 0.17 0.18 0.18 
4 old 0.11 0.15 0.32 0.61 0.69 0.76 0.76 0.73 0.73 
4 new 0.12 0.22 0.31 0.46 0.48 0.58 0.64 0.67 0.62 
8 old 0.11 0.15 0.32 0.61 0.69 0.76 0.76 0.73 0.73 
8 new 0.12 0.22 0.31 0.46 0.48 0.58 0.64 0.67 0.62 
9 old 0.05 0.05 0.04 0.05 0.06 0.08 0.07 0.06 0.07 
9 new 0.05 0.05 0.05 0.08 0.09 0.10 0.08 0.07 0.07 
11 old 0.09 0.13 0.32 0.64 0.71 0.79 0.79 0.75 0.75 
11 new 0.08 0.16 0.27 0.44 0.46 0.59 0.66 0.70 0.65 
13 old 0.04 0.04 0.04 0.04 0.06 0.08 0.07 0.06 0.07 
13 new 0.05 0.05 0.05 0.08 0.09 0.10 0.08 0.06 0.06 
14 old 0.10 0.15 0.32 0.63 0.71 0.79 0.78 0.74 0.74 
14 new 0.11 0.22 0.32 0.47 0.49 0.59 0.65 0.68 0.62 

 
A typically cluttered room has a higher absorption value than an uncluttered room. Taking into 

consideration the improved absorption from typical clutter in three test cells, the indirect noise can be 
further reduced. In table 4 the increase in average Eyring absorption in three test facilities with a shell 
area of 284.4 m2 as a result of typical clutter is shown.  

 
Table 4 – Eyring average shell Absorption values empty and cluttered measured [-] 

See Table 2 31 
Hz 

63 
Hz 

125 
Hz 

250 
Hz 

500 
Hz 

1 
kHz 

2 
kHz 

4 
kHz 

8 
kHz 

2 empty 0.03 0.05 0.08 0.18 0.25 0.35 0.40 0.42 0.38 

2 cluttered 0.07 0.11 0.15 0.23 0.30 0.34 0.32 0.32 0.37 

 
The shell acoustic model representation is chosen, because adding absorption has its limitations. 

In a room it is not impossible to increase the product of the absorption times area in some octave 
bands to a value more than three times the initial shell area, using the ceiling only, see figure 4. 
However this will change the direction of the sound field and the average absorption will bot rise far 
above 0.2 when the ceiling area is 0.2 times the total shell area and the rest of the shell is still fully 
reflective. 

 
Figure 4 side view of a hypothetical room with three times the shell area as absorption on the ceiling 
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3.3 Source data 
Based on the room acoustics model and the validation measurements on panels as used in these 

measured situations the sound power level that was provided by the customer or machine manufacturer 
was compared with the measurements taken around the engine or sound source.  Before such a 
comparison can be made the consistency of 16 equal engine rooms with the same measurement device 
and procedure was done The standard deviation of this exercise as shown in table 5 g ives an upper 
limit to the inaccuracy of the measurements of the calibrated device.  
 
Table 5 – Standard deviation of average noise levels in equal engine rooms under equal load in dB( -) 

16 
Hz 

31 
Hz 

63 
Hz 

125 
Hz 

250 
Hz 

500 
Hz 

1 
kHz 

2 
kHz 

4 
kHz 

8 
kHz 

dB(A) 

0.9 1.2 1.8 0.9 0.8 0.7 0.9 0.8 1.2 0.8 1.0 

 
Initially the same 8 projects as in table 3 were compared. There is a striking inaccuracy found in a 

single manufacturer, another engine was not operating on the designed operating pressure. After these 
projects were removed 3 projects and 5 engine rooms remained representative. This improved the 
accuracy of the 125 Hz values, but had limited effect on the 63 Hz values. Furthermore no dB(A) 
value in any machinery room was at least 6 dB(-) less than predicted, see figure 5. 

 

 
Figure 5 overestimation of sound pressure in a machinery room 

 
When the additional absorption from clutter as shown in table 4 is assumed to be half related to 

the floor and half to the walls a hypothetical change in absorption as a result of clutter can be derived 
as shown in table 6. The room acoustics can be re-evaluated as shown in figure 6. The dotted red lines 
that are not mentioned in the legend show the standard deviation for identical systems from table 5. 
When poor predictions are left out and the average clutter is included the calculated and measured 
sound pressure values differ roughly as much as the standard deviation shown in table 5. Around 2 dB 
more sound power in the 63 Hz octave band is needed in order to create a perfect fit.    

 
Table 6 Influence of clutter on average shell absorption values 

See table 2 31 
Hz 

63  
Hz 

125 
Hz 

250 
Hz 

500 
Hz 

1 
kHz 

2  
kHz 

4  
Hz 

8  
kHz 

1 manned 0,09 0,16 0,26 0,42 0,45 0,56 0,62 0,65 0,60 
1 cluttered 0,10 0,32 0,41 0,53 0,57 0,56 0,62 0,65 0,60 
3 manned 0,03 0,04 0,11 0,13 0,14 0,18 0,18 0,18 0,18 
3 cluttered 0,05 0,07 0,14 0,15 0,17 0,18 0,18 0,18 0,18 
4 manned 0,12 0,22 0,32 0,47 0,48 0,58 0,64 0,68 0,62 
4 cluttered 0,12 0,32 0,41 0,53 0,56 0,58 0,64 0,68 0,62 
8 manned 0,12 0,22 0,32 0,47 0,48 0,58 0,64 0,68 0,62 
8 cluttered 0,12 0,32 0,41 0,53 0,56 0,58 0,64 0,68 0,62 
9 manned 0,06 0,05 0,06 0,08 0,09 0,11 0,09 0,08 0,08 
9 cluttered 0,08 0,15 0,14 0,15 0,17 0,11 0,09 0,08 0,08 
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11 manned 0,08 0,16 0,27 0,45 0,47 0,60 0,68 0,72 0,66 
11 cluttered 0,09 0,37 0,47 0,59 0,64 0,60 0,68 0,72 0,66 
13 manned 0,05 0,05 0,05 0,08 0,09 0,10 0,08 0,06 0,06 
13 cluttered 0,07 0,07 0,07 0,09 0,10 0,10 0,08 0,06 0,06 
14 manned 0,11 0,22 0,32 0,48 0,50 0,60 0,66 0,69 0,63 
14 cluttered 0,11 0,33 0,43 0,56 0,59 0,60 0,66 0,69 0,63 

 

 
Figure 5 For clutter corrected predicted sound pressure levels in machinery rooms  

3.4 Attenuator values in practice 
In line with the last paragraph the attenuation was evaluated, see figure 6. Therefore the adjusted 

sound power spectrum was used based on a uncluttered shell in line with individual source 
measurements and the average shell absorption value mentioned as 'new' in table  3.  

 

 
Figure 6 Overestimations on the transmission loss for splitter attenuators 

 
Note that how poor the prediction of absorption values the sound pressure is fitted to the 

measurements, so the sound pressure in the room is always correct. Only the direc t noise is potentially 
underestimated. The reverberant noise is much more than the direct noise contribution, so the potential 
underestimation of the noise acting upon the silencers is negligible. 

Two silencers were excluded from figure 6. One of them had such high attenuation in the high 
frequencies that the noise didn't exceed the background noise, even not at 0,1 m. from the silencer. 
The other one was around 30 dB worse for frequencies of 1 kHz and above, but was not our own make 
and had unknown infill material. So the numbers cannot be properly compared. Because of the 
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interesting situation a schematic of this underperforming silencer is given in figure 7. The noise in the 
pipe (on the right of figure 7) can be assumed omnidirectional, so the square diffusor, between the 
pipe bend and the attenuator directs the noise in a straight line through the splitters.  

 

 
Figure 7. Silencer with serious high frequency shortcomings.  

 
Directionality has a strong influence on the high frequency transmission loss, see figure 8.  
 

 
Figure 8 The effect of angle of incidence on high frequency attenuation (3, from table 2) 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 9 Visual representation of the dispersion of acoustic pressure for different frequencies  

 
As can be seen in figure 8, the directivity of sound can have a strong effect in higher frequencies 

and has no effect on the lower frequency attenuation. The effect in high frequencies can easily exceed 
10-20 dB above 2 kHz. In the low frequencies the position of the attenuator can have a strong effect 
in relation to standing waves. This effect only occurs in lower frequencies.  

In figure 6 the spread in attenuation is high in the 63 Hz, than reduces and keeps increasing above 
250 Hz. The average shortcoming in 63 Hz in figure 6 is again 2 dB, the same value as in figure 5. 
The measurements are done by a pressure measurement device only, the procedure (5) prescribes, 
measurements are not done closer than 0.5 m from a hard surface. Therefore measurements are 
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potentially carried out in a standing wave were sound propagates as velocity rather that pressure. A 
2 dB underestimation of the sound pressure is consistent with physics. Thus when deriving a sound 
power number in 63 Hz from measurements in an echoic room, a 2 dB safety margin should be applied. 

The numbers are yet to be fit to a new theoretical model, but as a first impression from typical 
machinery rooms, the performance of the splitter attenuator can differ in accordance to figure 10. 
Differences work both ways, positive and negative. Which is a good motivator in order to deduct 
simplified algebraic equations that predict these design features.  

  

 
Figure 10. Typical design effects for Transmission loss values 

3.5 Risk from vibrations 
There is limited space I n this paper to go into detail. In practice a 1.7 dB margin for constructions 

with a good vibration insulation is sufficient. When vibration is an issue no single safety margin can 
realistically account for the potential defects.  

4. Conclusions 
When using only the shell and the average absorption value for room acous tics, it is important to 

use the Eyring absorption values and to account for the clutter. If this is not done the sound pressure 
level in a room as a result if the engine power is overestimated by respectively around 0.8 and 3.5 dB. 

Using a sound pressure meter and a room acoustic model to evaluate the sound power emitted in a 
machinery room will likely result in a 2 dB underestimation of the sound power in the 63 Hz octave 
band.  

Splitter attenuators are highly unpredictable but behave on average the same as under laboratory 
circumstances. Location affects the low frequencies and angle of incidence the high frequencies.  It is 
worthwhile to deduct equations and differentiate direct and reverberant noise to predict these effects. 

ACKNOWLEDGEMENTS 
I'd like to acknowledge Theo Campmans of LBP sight for addressing me to the magnitude of the 

difference in high frequency attenuation for different angles of incidence. Furthermore I'd like to 
acknowledge André Hameete and Alara-Lukagro for sponsoring this extensive evaluation. 

REFERENCES 
1. van Dijk, CC, De analyse van isolatie- en absorptiewaarden in absorberende ruimten, Blad geluid no. 4 

demeber2015; Wolters Kluwer; p. 24-27. 
2. VDI 2081 Noise generation and noise reduction in air-conditioning systems, Verein Deutscher Ingenieure, 

Düsseldorf 2001. ICS 17.140.20; 91.140.30; 2003-08. 
3. ILHR13.01, Handleiding meten en rekenen industrielawaai, ir W.C. Reij; Interdepartementale commissie 

geluidhinder; 1981 
4. ISO 354. Acoustics — Measurement of sound absorption in a reverberation room. INTERNATIONAL 

STANDARD; 2003(E). 
5. ISO 11957, Acoustics - Determination of sound insulation performance of cabins - Laboratory and in situ 

measurements. INTERNATIONAL STANDARD; 2009(E). 

2566



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Scenario for embedding AI in Acoustic Design.  
Exploiting applications at several design stages. 

 
Andrea GIGLIO1; Ingrid PAOLETTI2  

1 Polytechnic of Milan, Italy 
2 Polytechnic of Milan, Italy 

ABSTRACT 
Holistic methods for acoustic design project are increasingly developed, combining the knowledge gained 
from physical acoustic researches, early stage noise mapping, architectural parameters and psychoacoustic.   
The aim of these methods is to combine subjective and objective parameters to achieve more performative 
outcomes to satisfy comfort needs. These methods require a methodological instrument to structure the design 
problem and to develop a heuristic mechanism acquiring broad rules to handle the specific solution. 
Today, digital tools handle large complex problems evolving from generative into intuitive tools such as the 
Artificial Intelligence (AI). AI, through the deep learning, discovers intricate structure in large data sets, by 
using the backpropagation algorithm, to indicate machine’s way to change its internal parameters thus helping 
to develop unpredictable innovative solutions. The paper intends to develop a theoretical background based 
on bibliographic survey of AI in architecture, with a focus on acoustics. The resultant reading grid will be 
implemented by a custom survey sent to main stakeholders of acoustic design aiming at understanding 
strength and weaknesses of its application. 
 
Keywords: Acoustic design, Holistic methods, Artificial intelligence 

1. INTRODUCTION 
The objectivation of the sound perception has led to abstract subjective aspects through 

mathematical formulas and specific values. This process has led to have some legislation as reference 
to guide the designers in their choices.  

A-weighted curve is the most commonly used of a family of curves defined in the International 
standard IEC 61672:2003 and various national standards relating to the measurement of sound 
pressure level. A-weighting is applied to instrument-measured sound levels to account for the relative 
loudness perceived by the human ear, as the ear is less sensitive to low audio frequencies.  

In 1933 Fletcher and Munson began to work on A-weighting. Their work is mainly based on the 
response of people’s listening to pure tones at various frequencies and over 10 dB increments in 
stimulus intensity. For each frequency and intensity, the listener also listened to a reference tone at 
1000 Hz. Fletcher and Munson adjusted the reference tone until the listener perceived  that it was the 
same loudness as the test tone. Loudness, being a psychological quantity, is difficult to measure, so 
Fletcher and Munson averaged their results over many test subjects to derive reasonable averages. 
The lowest equal-loudness contour represents the quietest audible tone—the absolute threshold of 
hearing.  
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Figure 1. Equal-loudness contours (red). Source: ISO 226:2003 revision. Original ISO standard shown 

(blue) for 40-phons. 
 

The highest contour is the threshold of pain. The A-weighting is based on the 40-phon Fletcher–
Munson curves. Although the process has been revised by International Organization for 
Standardization (ISO) on the base of academic researchers, the 40-phon curve is particularly close to 
the modern ISO 226:2003 standard (Figure 1).  

The specifications are based on the following conditions: the sound field in the absence of the 
listener consists of a free progressive plane wave; the source of sound is directly in front of the 
listener; the sound signals are pure tones; the sound pressure level is measured at the position where 
the centre of the listener's head would be, but in the absence of the listener; listening is binaural; the 
listeners are otologically normal persons in the age range from 18 years to 25 years inclusive.  

The otologically normal person are “free from all signs or symptoms of ear disease and from 
obstructing wax in the ear canals, and who has no history of undue exposure to noise, exposure to 
potentially ototoxic drugs or familial hearing loss”. 

But this way to collect data gave us a partial picture of the reality that is more complex than that.  
In fact, according the World Health Organization, over 5% of the world’s population – about 466 

million people – has disabling hearing loss (432 million adults and 34 million children). It is estimated 
that by 2050 over 900 million people – or one in every ten people – will have disabling hearing loss. 

Disabling hearing loss refers to hearing loss greater than 40 decibels (dB) in the better hearing ear 
in adults and a hearing loss greater than 30 dB in the better hearing ear in children.  

The causes of hearing loss and deafness can be congenital or acquired.  
The acquired causes that may lead to hearing loss at any age, such as infectious diseases including 

meningitis, measles and mumps or chronic ear infections, injury to the head or ear, the excessive noise 
exposure, including occupational noise such as that from machinery and explosions  can became an 
important factor. Among children, chronic otitis media is a common cause of hearing loss.  

The loss of hearing and all the physical consequences can affect the assessment of sound conditions 
leading to endless way of sound perception. The choice to run an averaged discretized response in 
curves was based on the idea to use a mathematical method to handle a huge amount of data in order 
to use them in acoustic design. But today the innovations of computational tools in architecture have 
led to building information modelling and to data-driven design that have born with the aim to use 
data to design shapes and spaces. Moreover, these tools allow us to develop methodologies able to 
combine objective and subjective data achieving a holistic approach.  The following paragraph will 
underline a state of art of case studies in which this method has been applied for acoustic projects in 
enclosed spaces. 

 

2. HOLISTIC METHODS IN ACOUSTICS 

2.1 Introduction 
The subjective domain in room acoustic is the topic of several researches on intervention and 
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design for speech and music. The two basic methodologies of field measures (questionnaire o 
interview) and laboratory experiments (presentation of recordings from spaces or audible simulations 
to the listeners) show certain limitations and the aim of this part of the paragraph is to show them. 

 However, in both cases, multidimensional statistical analysis is required since it corresponds to 
data which involves listening experiments with test subjects.  

Numerous listening experiments in real rooms and simulated sound fields over past years have 
established a certain number of perception attributes of sound fields and as a result of consensus they 
have been described in objective measures included in standards.  

The diversity of acoustic design of a room and the complexity of human perception and acoustic 
information relating to a room justify the effort put into the research that analyses correlations between 
objective measures (whether standardized or not) and the listening experiments of the acoustic comfort.  

In the following paragraph we focus on three research studies that develop a holistic approach for 
three several programmatic spaces: churches, auditoria and classrooms. 

 

2.2 Case studies 
The following case studies represent paradigmatic examples of how develop a holistic approach 

for acoustic assessment of interiors.  
The A.P.O. Carvalho’s work focus on the relationships of the subjective parameters with the 

objective room acoustics measures and with the architectural features of the churches.   
The study is part of research program initiated in 1991 and ended in 1998 and reports the 

measurements mad in a survey of 36 Catholic churches in Portugal (1).  
The program has included two major components to date: 
 
objective studies of existing churches such as reverberation time (RT), early decay time (EDT), 

clarity (C80), definition (D50), target strength (TS) and length (L) were taken at several 
source/receiver locations in each church evaluated live music performances at similar locations in 
each room; 

subjective studies of existing churches such as loudness, reverberance, intimacy, envelopment, 
directionality, balance, clarity, echoes and background noise. 

 
The measurements have been made in two moments, both involving analyses in (almost) empty 

churches. The first part was to gather objective results of the main room acoustics measures. The  
second part was to gather subjective evaluations from listeners, using live music performances,  of the 
acoustical qualities of the churches using the same sample of churches. 

For the assessment of mismatches between objective parameters and measured perception of 
concert halls the methodology was quite the same. First, the methodology requires as huge as possible 
numbers of case studies to consider. In this research 16 theatres and auditoriums were selected in 
Spain. Then a relatively unchanged group of experts were involved. In this case the group consisted 
of music lovers, final-year students from the music conservatory, and music teachers. They were 
placed in locations chosen in advance so that all parts of the seating would be covered: these seats 
coincided with the position of the microphones for the objective acoustic measurements. And the then 
the measurements of specific values (in this case the values given by ISO-3382-1 standard specific 
for performative space)(2). 

Other researches demonstrate as other physical factors can be useful to find a relationship between 
acoustic conditions and perception.  

The interdisciplinary research carried out from 2000 to 2006 at the Bremen University, Germany 
led by mixed team of acousticians, occupational health- and medical-scientists and pedagogues, 
investigated the work and communication behaviour in synchronization with classroom acoustic 
measurements in two elementary schools (3).  

Based on observations of 175 lessons the effects of room characteristics (e. g. increased absorption, 
shortened reverberation time and improved speech intelligibility) , basic data for all analyses made 
were more than the mean value of SPL. There are continuous and synchronous time series of basic 
and working SPL, each type of pedagogical work, detailed teaching phases, differentiated phases of 
speech by teacher or students and workload of the teacher by measuring the heart rate as very sensitive 
indicator for stress. 
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2.3 Comments  
The researches demonstrate that methodologies of field measures and laboratory experiments lack 

flexibility and control of the independent variables and the latter lacks fidelity.  
Moreover, there are certain limitations using this type of methodology for evaluation: 
 

 The acoustical response depends on the presence of auditory and the extremized 
abstraction can lead to not consider all the variables; 

 The characteristic of the sound sources heard during an event can affect the sound 
condition of the space; 

 A huge amount of measurements must be considered to get the complexity of the event as 
much as possible; 

 Most of the researches involved only music experts into collection of subjective 
parameters; 

For all these reasons new approaches able to handle a huge amount of data in order to fix the 
previous limits need to be developed to be developed starting from the opportunities given by the 
evolution of 4th industrial revolution such as Artificial Intelligence.  

3. ARTIFICIAL INTELLIGENCE IN ACOUSTIC DESIGN 

3.1 Artificial intelligence  
For many years’ computers have been used to process experimental data in all scientific and 

engineering disciplines.  
In the field of acoustics, the computer is now regularly used to generate a test signal, to control 

experiments, and to perform any necessary processing on the resultant acoustic signal, as well as 
processing and tabulating the results. 

The advent of accessible powerful computing systems pushed to have enormous strides in both 
acoustical measurement techniques and in relating subjective response to sound fi elds to measurable, 
objective parameters. The stage is now set for computers to begin to play a larger role in the design 
process, and in this direction, AI seems to be a tool to take in account.  

Artificial intelligence is the simulation of human intelligence processes by machines, especially 
computer systems. These processes include learning (the acquisition of information and rules for using 
the information such as Machine Learning), reasoning (using rules to reach approximate or definite 
conclusions) and self-correction. Applications of AI include expert systems, speech recognition and 
machine vision (4). 

 

 
Figure 2. What's required for a machine to be intelligent.  

source: http://futurearchitectureplatform.org/news/28/ai-architecture-intelligence/ 
 
The main idea behind machine learning is to let machines learn how to solve a task, without having 

to explicitly explain the method behind the solution. This concept is like how humans learn, where 
for example, infants develop language skills not by reading grammatical rules but by imitation and 
practice. Thus, instead of defining rules, data is fed into a computer, so that patte rns can be extracted, 
and the rules that define task are learned implicitly.  

More formally, machine learning are algorithms that utilize experience E, to improve performance 
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measure P, for task T. The task should be clearly defined: translating a text between two languages, 
finding faces in a photograph, or transcribing audio into sheet music, are all examples of tasks. 
Furthermore, each task should include a performance measure, such as classification accuracy, 
prediction error, or distance to an objective. Lastly, the experience will be conformed of data, where 
multiple observations that are relevant to the tasks are collected to form a dataset  (5). 

This definition of machine learning is remarkably different from a general artificial intelligence, 
as the goal is not to create a sentient, autonomous program than can think and understand the world 
as a human being; rather, the goal is simply to maximize an objective parameter, for a particular 
application. Therefore, machine learning can be explained as applied statistics to approximate 
functions and solve optimization problems. This distinction becomes blurrier as tasks get more 
involved. The basic workflow of a machine learning solution is to first use raw data to extract 
meaningful features; relevant numerical or categorical values that describe the problem. Then process 
these features to extract patterns, finding relationships between inputs and outputs. Complex systems 
can build complex features from simple ones, and then find more intricate patterns.  

Although there are many different types of tasks that can be solved with machine learning, most 
can be generally explained as either supervised learning, where each data sample has features (input 
variables) and labels (output variables), or unsupervised learning where there are only features, and 
no labels. 

In these terms AI, and machine learning, can be considered as tool that can help into reducing the 
gap between objectivity and subjectivity of sound perception developing the holistic approach. In the 
next paragraph we discuss some researches that go in this direction.  

 

3.2 Case studies of ML applications in acoustics  
We analyse applications of ML theory to the following acoustics fields: speaker localization in 

reverberant environments, source localization in ocean acoustics, bioacoustics, seismic exploration, 
and reverberation and environmental sounds in everyday scene (6). 

 
 Speech enhancement is a core problem in audio signal processing, with commercial 

applications in devices as diverse as mobile phones, hands-free systems, human car 
communication, smart homes or hearing aids. An essential component in the design of 
speech enhancement algorithms is acoustic source localization.  This topic has attracted 
significant research attention, resulting a several amount of localization methods.  The 
application of ML in this field was facilitated by establishing a database of acoustic 
recordings from real-life scenarios. This dataset is achievable by research teams that can 
use it to train the algorithms. 

 The application of ML to underwater source localization (7) is a relatively new research 
area with the potential to leverage recent advancements in computing for accurate, real -
time prediction. Underwater source localization methodologies in ocean acoustics have 
conventionally relied on physics-based propagation models of the known environment. 
Unlike conventional methods, ML methods may be considered “model-free” as they do not 
rely on physics-based forward-modelling to predict source location. ML instead infers 
patterns from acoustic data which allows for a purely data-driven approach to source 
localization. However, in lieu of enough data, model simulations can also be incorporated 
with experimental data for training, in which case ML may not be fully model-free.  

 The researches of ML application in bioacoustics are increasing the last decades. 
Bioacoustics is the study of sound production and perception including, but not limited to, 
the role of sound in communication and the effects of natural and anthropogenic sounds 
on living organisms. ML has the potential to identify presence of animals and vocalizing, 
(8), to identify the type of animal (9) and to identify the call or song that was produced 
and understands how these sounds relate to one another (10). Among these issues, species 
detection and identification are a primary driver of many bioacoustics’ studies due to the 
reasonably. 

 ML and especially deep leaning (DL) methods, have recently seen significant increases in 
seismic exploration applications, including seismic data processing, imaging, 
interpretation and inversion. Seismic exploration for hydrocarbon discovery involves 
generating seismic waves from sources at or near the surface of the Earth or ocean water 
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column and recording the waves after they have propagated through the Earth using large 
sensor arrays. New results from these methods are frequently published in the society of 
exploration geophysicists (SEG) publications such as Geophysics, Interpretation and 
annual conferences and workshops. 

 Humankind have to encounter complex acoustic scenes in daily life. These scenes are the 
consequences of the overlays of wide range of sources such as speech, music, animals etc , 
each with its own structure and each highly variable in its own right (11). The overlay is 
affected by the environmental and spatial condition creating reverberation phenomena that 
distorts the original source waveform. Thus, the signal that reaches a listener usually 
contains a mixture of highly variable unknown sources, each distorted by the environment 
in an unknown fashion. This variability of sounds in everyday scenes poses a great 
challenge for acoustic classification and inference. Classification algorithms must be 
sensitive to inter-class variation, robust to intra-class variation, and robust to 
reverberation—all of which are context dependent. The development of these 
classifications must deal with the complexities of natural acoustic scenes. Because 
environmental sounds are so variable and occur in so many different contexts—the very 
fact which makes them difficult to model and to parse—and ML system can overcome 
these challenges will likely yield a broad set of technological innovations.   

 
The attempt of ML algorithms to replace the same biological systems can raises the possibility to 

use them to understand the mechanisms of auditory perception in both humans and animals.  Basically, 
to develop processes able to assess objective and subjective responses to a sound scene. 

 

4. SURVEY 
The selection of the sample for the survey has been an important phase of the research. In fact, 

only experts in acoustic design field have been involved in the survey. The selection of the experts 
has been made looking at the most important studio firms that provide acoustic consultancy. Basically, 
the companies were selected from the top 500 design firms ranked by Engineering News-Record 
according to revenue for design services performed in 2018 in $ millions.  

For each expert involved also other categories have been collected in order to obtain the table 1. 
The columns of the table are set according this information: 

 
 The company, such as name and type of company (A (Architect), AE (Architect-Engineer), 

EA (Engineer-Architect), EC (Engineer-contractor), E (Engineer), L (Landscape architect); 
 The experts’ references, such as name, last name, role in the company, personal corporate-

based email, general corporate-based email and the contact of LinkedIn; 
 Data related to the survey, such as date of mailing, date of answering and if they completed 

questionnaire or not. 
Table 1. Table to collect systematically the sample 

Type of 

firm 
Firm 

Name, Last 

Name 
Role 

Personal 

firm-based 

email 

General 

firm-based 

email 

LinkedIn 
Date of 

mailing 
 

Date of 

answering 

Completed 

questionnair

e 

          

 
The questions of the survey aim to collect useful information in order to define the scenario and 

point of view of experts. 
First, it has been important fix the level of knowledge on Artificial Intelligence (Question number 

1). The level has been assessed according three levels:  
- Low knowledge: for those that have just heard about it 
- Medium knowledge: for those that know it, but they have never applied it; 
- High level: for those that have applied Artificial intelligence at least once 
Then the survey splits in two directions: from one side there are questions to collect information 

by who have already experience in AI in acoustic design (question number 2,3,4). The question 

2572



 

number 2 intends in which stage of the design process the AI has been applied. 
 From the other side the questions are designed to collect opinions by who have not experience in 

AI but, since its experience in acoustic design can give a contribution to the research anyway (question 
5,6). The last question (number 7) intends to open a debate about possible time it will take to embed 
AI in acoustic design systematically. Basically, the last question aims to understand if this field is 
mature enough to embed a so advanced process. 

 
Table 2. Questions survey 

ID Questions 
1 
 

AI Level of knowledge (Low= I've just heard about it; Medium= I know about 
it, but I've never applied it; High= I heard about it and I have applied it at least 
once). 

 
2 If you have applied Artificial Intelligence in Acoustic design, in which stage of 

design process? 
3 If you have applied Artificial Intelligence in Acoustic design, do you applied it 

to design which kind of programme activity? 
4 If you have applied Artificial Intelligence in Acoustic design, what have been 

the advantages? 
5 If you have never applied Artificial Intelligence in Acoustic design, in which 

phase do you think that AI can be embedded? 
6 Please explain the reason briefly. 
7 According to you how long does it take to embed AI in acoustic design process 

systematically? 
 

Here we are going to present part of the results.  
After two months these are the aggregate results: 

 60% of who received the survey has a medium knowledge on AI, 30% has a low knowledge 
on AI and the 10% has a high knowledge of it; 

 The 10% with high knowledge affirms to have had opportunities to apply it in schematic 
design phase (60%), design development phase (30%) and conceptual design (10%). 

 The 10% that admit having a high knowledge says that the most important advantages 
related the increment of degree of reliable of simulation phase in design process (40%); 

 The 30% that have never used AI in acoustics says that the schematic design (50%) could 
be the main phase to apply AI, the 30% in design development and the 20% open to 
possibility to use it for assessment phase when the acoustic intervention is completed.  

 About the timeline, it merges a quite negative view of the systematically embed of this 
process until now. In fact, more than 50% thinks that it will take between 1 and 5 years. 
(35% more than 5 years, 15% in 1 year) 

 

 
Figure 3. Percentage of AI use in design stages 

 
This survey can be considered as starting base for a debate on this topic. For this reason, we decided 

10%

60%

30%

0%0%0%0%

conceptual or pre-design (PD) schematic design (SD) design development (DD)
construction documents (CD) procurement (PR) contruction admnistration (CA)
operations (OP)
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to not stop collecting answers in order to get more opinions as possible.  

5. SCENARIO AND FUTURE IMPLEMENTATIONS 
In this review we have introduced the holistic methods and ML theory, including deep learning 

(DL), and discussed several case studies in acoustics research areas. The aim of this work is to describe 
future scenario in which apply ML theory to develop holistic approach. To do that we have focused 
on the weakness of modern holistic approaches underlining how ML theory can be an opportunity to 
solve them. The systematic introduction of AI in acoustic design process can facilitate the 
development of new approaches that can led to unpredictable and more performative outcomes. The 
understanding how to embed it can be a first step to define an approach that sees the acoustic in the 
centre of design process for interiors or exteriors combining subjective and objective parameters. We 
can define it sound-drive design. 

Despite their limitations, these methods provide good performance relative to conventional 
processing in many scenarios. 

 The first scenario sees the application of AI theory to assess the acoustic conditions of a 
space monitoring objective data (RT, clarity, definition etc) and human behaviour. This 
scenario sees the opportunity to collect data to embed in next similar jobs reducing 
mistakes and increasing the reliability of simulations models. 

 The second scenario sees the application of ML in pre-design phase, based on training 
algorithm to acoustic conditions of existing spaces, to find optimized layouts spaces 
according changing external sound sources. 

 The third scenario goes more in product design, developing a real time system able to fix 
acoustic condition of a space modifying the position of acoustic panels. The movement of 
these panels will affect the soundwave paths and the amount of absorptive material in the 
space. 

In general, we can say that AI in acoustics has enormous transformative potential, and its benefits 
are increased with open data. 

However, AI-based methods are data driven and require large amounts of representative training 
data to obtain reasonable performance. For this reason, we hope that the debate on this topic can 
increase also sharing the researches with others research fields. 
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ABSTRACT 

In this paper, we present the general form of governing equations of plates considering the 

thermal/static load effect, and study the effect of thermal/static load on the vibro-acoustic 

behavior of plates. The static state under thermal/static load is obtained firstly, and then the 

vibration and acoustic radiation are calculated at the reference static position. Numerical and 

experimental approaches are also displayed. The results show that both the inner stress and 

geometry shape will be changed under thermal/static load. With the temperature increasing, the 

softening effect of thermal stress in the pre-buckling state leads to the decrease of frequencies, 

while in the post-buckling state the stiffening effect of thermal buckling deformation leads to 

the increase of frequencies. The variation of vibration and acoustic radiation responses are in 

accordance with that of the frequencies. Finally, the vibro-acoustic behavior under static load is also 

discussed in detail. 

 

Keywords: Thermal load effect, Static load effect, Natural characteristics, Vibration response, Acoustic 

radiation 

1. INTRODUCTION 

With the big progress in hypersonic aerocraft, the research on vibro-acoustic characteristics of 

structures under extreme thermal load, static load, acoustic excitation and mechanical excitation 

becomes more and more important. The material properties, geometry shape, inner stress will all be 

changed under the thermal load and static load, which makes the vibro-acoustic analysis much more 

difficult. Lots of efforts have been made on the related works. 

Using the combined FEM/BEM method, Jeyaraj et al detailedly studied the thermal effect on the 

vibration and acoustic radiation responses of different plates, such as isotropic plate
[ 1 ]

, 

fiber-reinforced composite plate
[2]

, viscoelastic sandwich plate
[3]

 and so on. In the research, the 

critical buckling temperatures and the vibration of the plates are carried out by FEM, while the 

acoustic radiation is derived by BEM. The method is also utilized in the structures under the water
[4]

. 

The temperature dependent material properties are considered in the free vibration analysis of 

functionally graded plates in thermal environment
[5]

. Geng et al
[6-8]

 further investigated the effect of 

thermal environments on the vibro-acoustic responses of plates with different boundary conditions 

through theoretical, numerical and experimental approaches. The results shown that in the 

pre-buckling state, the natural frequencies decrease and the response peaks shift to lower frequency 

range with the temperature increasing. Liu and Li
[9]

 studied the vibration and acoustic responses of 

simply supported sandwich plates considering thermal effect using equivalent non-classical theory. 

Li and Li
[10]

 conducted the vibration and sound radiation analysis of composite plates in thermal 

environment. Li and Yu
[ 11 , 12 ]

 investigated the vibro-acoustic responses of the sandwich and 

composite panels in thermal environment using aa proposed Piecewise shear deformation theory. 

Zhao et al
[13]

 presented numerical analysis of the vibro-acoustic responses of laminated composite 

plates in thermal environment based on finite element formulation.  

The above research mainly focused on the softening effect of thermal stress in pre-buckling state. 

However, when the temperature is higher than the critical buckling temperature, the  effect of 

buckling configuration should be paid more attention on. In the experiment about the vibro-acoustic 
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characteristics of a plate in pre- and post-buckling state, Geng et al
[ 14]

 found that with the 

temperature increasing, the natural frequencies decrease before the critical temperature and increase 

after. The reason is that the effect of buckling configuration plays a more important role than the 

effect of thermal stress, which leads to the stiffening of the bending stiffness.  Numerical analysis of 

thermally-buckled plates also presented the increasing of natural frequencies in the post-buckling 

state
[15, 16]

. Du et al
[17]

 investigated the vibration and acoustic radiation of laminated plates with 

temperature gradient along thickness. It is shown that the deflection under temperature gradient 

which results in the increasing of natural frequencies. The same as thermal load, static load will also 

result in the change of both inner stress state and geometry shape. The difference is that either 

compressive stress or tensile stress may appear under static load depending on the direction of static 

load and the initial curvature of the plate. Takabatake studied the effect of dead load on the vibration 

of beams
[18]

 and plates
[19]

. Wang et al
[20]

 investigated the effect of static load on vibro-acoustic 

behavior of clamped plates with different geometric imperfections.  

In this paper, we present a review of the research on vibro-acoustic behavior of plates under 

thermal/static load carried out by our group. 

2. THEORETICAL APPROACH 

As we In the theoretical formulation, considering a plate under thermal load or static load, the 

displacements can be expressed as the sum of nonlinear static deflections under thermal/static load 

and the linear dynamic displacements
[20]

. According to the boundary conditions, the displacements 

are assumed as the superposition of spatial functions. Thus, by applying Hamilton ’s principle, we 

can derive two sets of equations in the following form
[17, 20]

: 

    1 2

s s s s T

T NL NL
 
 
K -K +K q K q q =Q +Q   (1) 

          0 0

1 22 3d d d

T NL NLt t t 
 

Mq + K -K + K q K q q =Q   (2) 

From Eq.(1), we can derive the nonlinear static deflection under thermal/static load. Then substituting the 

static deflection into Eq.(2), we can derived the vibration governing equation considering the initial stress 

and deformation effects under thermal/static load. Introduce Rayleigh integral
[l6, 17]

: 
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    (3) 

and we can calculate the acoustic radiation pressure at the observation point. 

3. NUMERICAL APPROACH 

Numerical analysis is carried out by FEM/BEM method
[6]

. Firstly, the finite element model of the 

plate is established in Nastran for the modal analysis. Then the mode resul ts are imported into VA 

One as shown in Fig. 1. Thus, the vibro-acoustic responses can be calculated by the combined FEM 

and BEM solver of VA One. 

 

Figure 1 – FEM/BEM model
[6]
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4. EXPERIMENT SETUP 

As shown in Fig. 2, a series of experiments about the vibro-acoustic characteristics under 

thermal/static load have been conducted based on the experimental setup.  

In the modal test, the single-input single-output hammer (PCB hammer 086C04) based impact 

method is used. Test points are uniformly distributed on the plate. An accelerometer (PCB 333B32) is 

located on a proper test point to receive the transient signals when all the test points are impacted by 

the hammer in sequence. The Impact Testing module of the software package LMS TEST.LAB is used 

for signal acquisitions and data analysis[8]. 

In the vibration response measurement, an accelerometer (PCB 333B32) is located at the 

observation point on the plate to receive the vibration signals under mechanical excitation (MB Exciter 

Modal 2) or acoustic excitation (Alpine SPS-170A). In addition, a microphone (B&K type 4958) is 

located above the plate to receive the acoustic radiation pressure from the plate under mechanical 

excitation. 

            

            (a) vibration under thermal load
[8]

       (b) vibration under static load
[20]

 

Figure 2 – Experimental setup 

5. RESULTS DISCUSSION 

Based on the above theoretical, numerical and experimental approaches, we have studied the 

vibro-acoustic characteristics of different plates, revealing the influence mechanism of thermal and 

static load. 

5.1 Effect of uniform thermal environment 

A clamped plate is shown in Fig. 3. Detailed information about the material properties, geometry 

dimensions and load cases can be seen in Ref.[6-8, 14]. 

Fig. 4 gives the first five theoretical natural frequencies of the plate in different thermal 

environments before critical buckling temperature. It is shown that all the frequencies decrease with 

the temperature increasing. The vibration and acoustic radiation results in Fig. 5 show the same 

variation trend with that of the frequencies. The response peaks shift to lower frequency range. 

The reason is that in the pre-buckling state, only thermal stress appears in the plate and there’s no 

transverse deformation. Thermal stress results in the softening of bending stiffness and the natural 

frequencies decease hereof. 

From Fig. 6 we can see that, with the temperature getting higher than critical temperature, the 

plate is buckled and the buckling deflection gets larger and larger. The stiffening effect of buckling 

deformation becomes stronger than the softening effect of thermal stress. The frequencies gradually 

begin to increase. At the same time, the response peaks shift to higher frequency range  as shown in 

Fig. 7. Moreover, the third natural frequency line crosses the fourth natural frequency line. 
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Figure 3 – Scratch of the plate 

 
Figure 4 – Natural frequencies before critical buckling temperature

[6]
 (theoretical results) 

  

               (a) vibration responses
[8]

                   (b) acoustic radiation
[20]

 

Figure 5 – Vibration and acoustic radiation responses of the plate subjected to point excitation before 

critical buckling temperature (theoretical results) 

   

         (a) before critical buckling temperature      (b) after critical buckling temperature 

Figure 6 – Center buckling deflection and natural frequencies
[14]

 (experimental results) 
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        (a) before critical buckling temperature           (b) after critical buckling temperature 

Figure 7 – Vibration responses of the plate subjected to point excitation before critical buckling 

temperature
[14]

 (experimental results) 

5.2 Effect of thermal gradient 

The vibro-acoustic characteristics analysis of laminated plates under temperature gradients in Fig. 

8(a)
[17]

 shows that the deflection gets larger with the temperature gradient increasing. Fig. 8(b) shows 

that the resonant frequency increases as the temperature gradient increases. This is because initial 

deflections caused by temperature gradient intensify the stiffness of the structure. Accordingly, 

resonant frequency is enhanced. 

    

               (a) center deflection                        (b) resonant frequency  

Figure 8 – Center deflection and resonant frequency under different temperature gradients
[17] 

(theoretical results) 

5.3 Effect of static load 

Different from the thermal load which leads to compress stress in the plate, the static load may lead 

to both compress/tensile stress depending on the static load direction and the initial imperfection. In 

Ref.[20], the vibro-acoustic responses of three plates with different imperfections are studied. The 

plates are shown in Fig. 9. The deflections and natural frequencies shown in Fig. 10 indicate that when 

the plate is flat or the directions of the imperfection and the static load are the same, the plate is 

stiffened and the natural frequencies increase with the static load gets larger. However, when the 

directions are the opposite as shown in Fig. 9(c), compress stress appears and the curvature becomes 

small at the beginning. The plate is softened and the natural frequencies decrease. Then the compress 

stress gradually becomes tensile stress and the curvature turns to increase. The plate is stiffened and 

the natural frequencies increase. 

   

Figure 9 – (a) flat plate, (b) plate with geometric imperfection 
0w  in -z direction, (c) plate with 

geometric imperfection 
0w  in z direction 
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              (a) center deflections                        (b) first order 

 

             (c) second order                          (b) third order 

Figure 10 – Center deflection and first three natural frequencies of the three plates versus static load 

(theoretical results) 

6. CONCLUSIONS 

   In this paper, we review the recent works of our group about the vibro-acoustic responses of 

plates under thermal/static load. Usually, both the inner stress state and the geometry shape may be 

changed under thermal/static load. Under thermal load, compress stress is the dominat ing effect in the 

pre-buckling state, resulting in the softening of the plate and the decreasing of the natural frequencies. 

While, the effect of buckling deformation is more significant in the post-buckling state and it results in 

stiffening of the plate and increasing of the natural frequencies. The deflection and natural frequencies 

increase with the temperature gradient increasing. Different from that under thermal load, both 

compress and tensile stress will appear under static load. It depends on the static load direction and the 

initial imperfection. The works reviewed in the paper lay the foundation for the vibro -acoustic analysis 

of hypersonic aerocrafts under extreme thermal load and static load.  
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ABSTRACT 

As a fundamental phenomenon in elastic fields, mode conversion between longitudinal and transverse wave 

modes can frequently occur when a wave is incident on an elastic discontinuity or passes through anisotropic 

mediums. Due to the generation of a different wave mode, the phenomenon is widely used in industrial and 

medical applications for nondestructive tests and ultrasonic inspections. Metamaterials are men-made 

subwavelength composites and could be designed based on the local resonance mechanism. Due to local 

resonance, effective physical properties of the metamaterials could be zero or negative in desired frequency 

ranges, leading to novel wave phenomena, such as low frequency bandgap. Metamaterials could also be 

designed with specific macroscopic anisotropy in specific direction. Such anisotropic metamaterials, if 

designed to be nonresonant, barely exhibit material absorption losses, and could be more suitable for wave 

manipulating, such as acoustic magnifying, invisibility cloaking. In this work, we are concerned whether the 

resonance mechanism can be introduced into mode conversion. Because of the resonance mechanism, the 

effective properties of the metamaterials can be highly frequency-dependent, which means vast possibilities 

in finding new phenomena and obtaining new designs. Our final goal is to pave the way of using the 

frequency-dependency concept for mode conversion. 

Keywords: Elastic wave, Mode conversion, Anisotropic metamaterial 

1. INTRODUCTION 

The phenomenon of mode conversion between different wave modes can be frequently noticed in 

elastic fields, such as when an elastic wave is incident on an elastic discontinuity or passes through 

anisotropic mediums. Because the wave mode defines the fundamental characteristics of how wave 

energy propagates, changing of the wave mode, i.e., realization of mode conversion, could be of great 

scientific importance and engineering significance
[1-3]

. For example, shear (transverse) waves, which 

are difficult to generate, can be critically useful in structural non-destructive evaluation and medical 

imaging, because of their sensitivity to elastic discontinuities or biomedical focuses. On the other hand, 

longitudinal waves, are much easier in generation, yet less sensitive to elastic discontinuities or 

biomedical focuses. Therefore, mode-conversion from longitudinal waves could be a potential way for 

the efficient generation of transverse waves. In non-destructive evaluation, wedge-type mode 

convertors, which work according to the Snell’s law, are commonly used 
[4]

. However, due the 

inevitable generation of longitudinal wave mode, the mode-converting efficiency is rather low, 

normally about 25%. Researchers then noticed that if double- or triple- negative metamaterials are 

used to design the wedge-type mode convertors, complete mode-converting transmission could be 

theoretically possible, but requires that some additional conditions must be fulfilled between the 

background test medium and the mode convertors
[5-7]

. Because the conditions are too restrictive, so far, 

no realization of complete mode-converting transmission has been attempted with double or triple 

negative metamaterials. The mode-converting efficiency, is about 40%. Additionally, because of the 

high frequency-dependency of the effective material properties, the frequency range with a relatively 

higher mode-converting efficiency could be rather narrow. 

Recently, perfect transmodal Fabry-perot interference
[8-9]

 allows a sole and maximal mode 

conversion between longitudinal and transvers wave modes. In such a phenomenon, under incidence 

of a longitudinal wave mode, there is only the transmission of the transverse wave. Because of the 

multimodal constructive interference, the displacement amplitudes before and after transmission are 

the same. However, same displacement amplitudes indicate different energy, because the 
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longitudinal and transverse wave modes are determined by different stiffness coefficients. Even in 

the same isotropic media, the transverse stiffness coefficient differs from the longitudinal stiffness 

coefficient. Therefore, complete mode-converting transmission is only possible, when elastic waves 

propagate in the same background media which has the same transverse and longitudinal stiffness 

coefficients. Since the impedance mismatch is the reason that complete mode-converting 

transmission cannot be accomplished in the perfect transmodal Fabry-perot interference, a bimodal 

quarter-wave impedance matching theory
[10]

 was thereafter developed, which seeks complete 

mode-converting transmission through matching impedances of the incident longitudinal wave mode 

and the transmitted transverse wave mode. Because the impedances can be matched regardless of th e 

background media, complete mode-converting transmission between longitudinal and transverse 

wave modes can be realized not only in the same background medium, but also between different 

media.  

Realization of the theories, either the perfect transmodal Fabry-perot interference theory or the 

bimodal quarter-wave impedance matching theory, requires that the interferometer or the matching 

element must have very specific anisotropy. Therefore, anisotropic metamaterials were designed for 

the realization of the unique material properties. However, because the anisotropic metamaterials 

were designed to be nonresonant, their dimensions must be much smaller than the wavelength. This 

means that, if designed in the ultrasonic frequency range, unit cell of the metamaterials could be too 

small to fabricate, while if designed in the low frequency range, unit cell could be too larger to 

fabricate. Therefore, in this work, we seek to introduce resonance into the design of anisotropic 

metamaterials. This is possible, because the resonance mechanism can induce extraordinary effective 

material properties for unusual wave phenomenon.  

2. THEORY  

Consider an elastic wave which is propagating in a two-dimensional x-y plane through an 

anisotropic elastic slab (with width d), which is sandwiched between layers of another base medium. 

Here, we mainly consider a propagating longitudinal wave, which is normally incident from the base 

medium to the anisotropic slab. 

2.1 Theoretical background 

For the analysis considerer here, the stiffness coefficients needed are C11, C66, and C16 for the slab 

medium. The stiffness terms with subscripts (11) and (66) denote the longitudinal stiffness along the 

x axis and the shear stiffness, respectively, while the term with (16) refers to the longitudinal-shear 

coupling term. For common cases, we consider that the base medium is isotropic, which will be 

characterized by Young’s modulus (E0) and Poisson’s ratio (0). The symbols ρ0 and ρ will be used to 

denote the densities of the base material and slab material, respectively.  

For waves propagating along the x direction, the x- and y-directional displacements ux and uy can be 

assumed to vary as e
j(kx- ωt)

 where k, ω and t are the x-directional wavenumber, angular frequency and 

time. The Christoffel equation 
[1]

 can be written as 
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Therefore, the general solution in the anisotropic slab can be expressed as  
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  (3) 

The symbols A and B denote unknown amplitudes corresponding to k=+α and k=-α, respectively. 

Likewise, C and D are unknown amplitudes corresponding to k=+β and k=-β, respectively.  
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From Eq. Erreur ! Source du renvoi introuvable., the displacement components corresponding 

to the α and β waves can be expressed as 

 
   

   

j j -j j j -j

j j -j j j -j

e e e , e e e ,
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x x t x x t

x x y y

x x t x x t
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  (4) 

where Px, Py, Qx, and Qy represent the polarization vector components. They are found to be 
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where  
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  (6) 

The symbol Xk represents the amplitude ratio of ux and uy. Due to the orthogonality of the wave mode, 

the relation that PxQx+PyQy=0 always holds . 

One can express the velocity (vx and vy) and stress (σxx and σxy) as 

 .

x

y

xx

xy

v A

v B

C

D





   
   
   

   
   
     

MN   (7) 

Please see Appendix for the elements of the M and N matrices. If Cij and ρ are replaced by cij and ρ0 in 

the equations above, the corresponding results are applicable for the base medium. In this case, the 

x-directional wave numbers will be denoted α0 and β0.  

2.2 Transmissions and reflections 

To obtain the scattering (S) parameters, we first write the relationship between the velocity and stress 

fields on the left and the right boundaries of the anisotropic slab (see Figure.1a of the main text), 

 1

0 0

= .

x x x

y y y

x d x d

xx xx xx

xy xy xyx d x x

v v v

v v v

  

  
  



 

  

     
     
     

     
     
     
     

MN M T   (8) 

By imposing the continuities between the field variables of the base medium and those of the 

anisotropic slab at x=0 and x=d, we can obtain the S matrix as 

 -1

0 0 ,x dS M T M   (9) 

where M0 is the M matrix for the base medium. The S matrix represents the relationship between the 

displacement amplitudes of the adjacent base medium at x=0
-
 and those at x=d

+
.   

Once the components (Sij) of the S matrix are determined, the reflection and transmission 

coefficients for the case of longitudinal wave incidence can be expressed as:  

 

24 41 44 21

22 44 42 24

42 21 22 41

22 44 42 24

11 12 14

31 32 34

,

,

,

.

S S S S
RLL

S S S S

S S S S
RLT

S S S S

TLL S S RLL S RLT

TLT S S RLL S RLT











  

  

  (10) 

In Eq. Erreur ! Source du renvoi introuvable., RLL and RLT denote the reflection coefficients for 

the reflected L and T waves, respectively, and TLL and TLT, the transmission coefficients for 

transmitted L and T waves, respectively. The explicit expressions for the elements of t he T and S 

matrices are given in Appendix. 

The mode conversion ratio, i.e. the L-to-T transmission power ratio (TT) represents the ratio of the 

transmitted S-wave power intensity (P
TLT

) to the incident L-wave power intensity (P
I
). Therefore, it 

can be expressed as 
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where 

 
0 66

0 11
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  (12) 

Similarly, the L-to-L transmission power ratio (TL) representing the ratio of the transmitted T-wave 

power intensity (P
TLL

) to the incident L-wave power intensity (P
I
) can be obtained as 

 
  
  

TLL TLL
TLL
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  (13) 

The reflections of the L wave and T wave can be written as 

 
2 2

L T, .R RLL R RLT    (14) 

2.3 Theory for Full mode-converting transmission 

Here, we mainly consider the bimodal quarter-wave impedance matching theory 
[10]

, which allows 

full mode-converting transmission. In this theory, four necessary conditions are needed:  

1) Bimodal quarter-wave phase matching condition: 

 FS

FS ,
4

d n


  (15a) 

 SS

SS ,
4

d n


  (15b) 

 SS FS = ,
2 2

n n
odd   (15c) 

where nFS and nSS are integers. These conditions are equivalent to sin(αd)=±1 and sin(βd)=∓1. 
2) Bimodal impedance matching condition: 

 0 ,Z Z  (16) 

where 2

11 66 16=Z C C C   and 
0 0 11 66=Z c c  denote the bimodal impedances of the anisotropic 

metamaterial and background isotropic medium, respectively.  

3) Polarization condition: 

 11 66 ,C C   (17) 

which implies that the fast skew and slow skew modes have ±45
o 

polarizations, respectively. 

4) Weak mode-coupling condition:  

 16 11= / 0C C  . (18) 

With the above four conditions, one can find that at the bimodal quarter-wave phase matching 

frequency, 

        L BQW T BQW L BQW T BQW
0 0 0 0

lim 0, lim 0, lim 0, lim 1.R f R f T f T f
      

         (19) 

The anisotropic slab must have specific anisotropy, which can be descried as follows,  

 
0 SS FS

11 66

FS SS

= =
2

Z n n
C C

n n
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0 SS FS
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FS SS
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 (20b) 
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3. DESIGN WITH RESONANCE MECHANISM 

In this work, we consider to introduce the resonance mechanism by designing anisotropic 

metamaterials in the short wavelength limit. Because the target wavelength could be much larger 

than the unit cell dimension, resonance could naturally occur. Based on this idea, we aim to design 

the bimodal quarter-wave impedance matching element by cutting slits on an aluminum plate.  

Figure 1 shows the designed metamaterial, which is obtained by cutting two columns of slits on 

the aluminum matrix. As for its geometric information, h=2cm, w=3cm, l=0.18cm, r=1.8mm, θ=31
o
.  

 

Figure 1 Designed anisotropic metamaterial 

Its mode-converting performance is plotted in Figure 2, which shows that the mode-converting 

efficiency reaches as high as 75% around f=150kHz. 

 

Figure 2 Mode conversion efficiency 

Although efforts are still needed to improve the mode-converting efficiency, one may still see the 

potentials in designing anisotropic metamaterials by introducing resonance mechanism. Firstly, i f the 

anisotropic metamaterial were design in the long wavelength limit, on the other hand, it would 

behave as a nonresonant composite. It can then be noticed that the bimodal impedance matching 

condition in Eq. (16) can never be satisfied by cutting silts  on a matrix. However, the satisfaction 

could be possible in the short wavelength limit, because the metamaterial can have 

frequency-dependent effective material properties.  

Secondly, if subwavelength unit cell means that the microstructure should be much  smaller than 
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the wavelength. This would make the actual fabrication very difficult, not to mention that much 

more unit cells need to be fabricated. In this design case, the minimum feature of the unit cell is 

r=1.8mm, which is very easy for fabrication, and only two layers need to be machined. This could 

significantly broaden the application of elastic metamaterials, especially in ultrasonic ranges.  

Because a dynamic homogenization method needs to be develop to reveal the instinct influence of 

the resonance mechanism through evaluating the effective properties of the metamaterial, the actual 

evaluation of the effective properties will not be discussed here.  

4. SUMMARY 

In this work, we have a brief discussion on designing metamaterials in short wavelength range. 

Because working in the short wavelength range means the resonance could occur, effective material 

properties of the metamaterials could exert much more possibilities in satisfying strict material 

requirements for extraordinary wave phenomena. Motivated by this observation, we tried to realize 

an efficient mode-converting efficiency through cutting two columns of slits on an elastic matrix. 

With this simple design, the mode-converting efficiency reached over 70%. 
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ABSTRACT 

Acoustic testing allows inspection of the quality of engineered products without affecting their 

final use. It is an example of non-destructive testing (NDT), a wide group of analytical techniques used 

to evaluate the properties of a material, component or system without causing damage. Acoustic 

testing is becoming increasingly popular, particularly across the civil engineering, healthcare, 

automotive, and aviation industries. One early example originated via  the wheeltappers during the 

Industrial Revolution when railways came into prominence. An impact between two solid bodies 

produces surface and body waves, the velocity and characteristics of which depend on material 

properties and the nature of the contact. Parameters such as density, modulus, and surface roughness 

influence the properties of these waves. Measurement of these waves can therefore be used in the 

evaluation of material and surface properties. This work reports on recent attempts to develop a 

non-destructive method for assessing the structure and quality of engineered materials. The protocol 

involves delivering a low kinetic energy impact to a sample, allowing correlation between the 

properties of the specimen and the specimen surface with the acoustic output from the impact event. 

 

Keywords: impact, materials, roughness, surface 

1. INTRODUCTION 

There are many types of non-destructive testing (NDT) used in engineering, most of which have 

been developed as a means to monitor the condition of components, to undertake structure inspection, 

or to evaluate the physical properties of a material without causing any damage (1). Many traditional 

materials characterisation methods are partially or wholly destructive, carried out until the failure of a 

sample, in order to obtain physically meaningful information. For example, tensile testing is 

performed in order to obtain Young's modulus and yield stress. In general, a destructive testing (DT) 

method is easier to perform than a NDT method. DT results usually require less complex data 

processing post-acquisition. In most cases DT methods provide accurate results, but there are 

situations where DT is not possible or desirable; this is where NDT can offer a significant advantage, 

particularly when rare and/or expensive samples require consideration. 

Acoustic NDT methods such as acoustic emission and ultrasound testing are becoming more and 

more popular in preventative maintenance strategies. During the Industrial Revolution, when railways 

came into prominence, a wheeltapper (2) was a person who would hit the train wheel with a 

long-handled hammer, listening carefully to the audible response. Experienced wheeltappers could use 

this method to diagnose cracks and wheel damage; these inspections helped to minimize downtime and 

keep companies ahead of their competitors. Acoustic NDT methods have come a long way since then, 

but the principle which underlies the wheeltappers' success is intrinsic to modern techniques.  

Ongoing research regarding acoustic testing of materials includes investigation of physical 

properties such as porosity (3) and Young’s modulus. The work presented here involves delivering a 

low kinetic energy impact to a specimen. The surface topography of the specimen will affect the 

mechanics of contact between the two impacting bodies. This will influence the squeezing of air out 

from between the two approaching bodies, and also the amount of air trapped between the bodies at the 

point of maximum deformation. Hence, it is anticipated that the acoustic output caused by the impact 

might also be influenced by surface topography of the specimen (4).  

Surface topography is described by the surface roughness, a quantitative measure of the deviations 

(in the direction of the normal vector) of a real surface from its ideal form. If these deviations are large, 

then the surface is considered rough; if they are small, the surface is considered smooth (5). Surface 

roughness is important since it can predict the performance of a mechanical component. For exa mple 
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in tribology, a rough surface wears out quickly due to higher friction, however roughness promotes oil 

adhesion. Surface topography is typically measured by a profilometer, which has high capital cost and 

requires specialist training. There are also usually size restrictions on the samples such instruments 

can accommodate. 

The aim of the work presented here is to investigate the possibility of developing a new method of 

impact-based non-destructive testing. Such a technique could be used to define the physical 

characteristics of a specimen and the specimen surface. 

2. EXPERIMENTAL 

2.1 Materials 

Aluminum sheet (AL104119, 99.5%H/H; Advent Research Materials, UK) was cut into plates of 

dimensions 100.0 mm × 100.0 mm × 2.0 mm. The Young’s modulus of the aluminum, measured by 

tensile testing, was 70 GPa. The density of the aluminum was assumed to be 2,700 kg m
-3

, and the 

average mass of each plate was measured to be 54 g. Solid nylon spheres of radius 6.25 mm were 

purchased from Dejay Distribution, UK; the density of the nylon was measured at 1,156 kg m
-3

, each 

solid sphere having mass 1.2 g. The Young’s modulus of the nylon was measured to be 1.21 GPa. 

2.2 Profilometry 

The surface topography of each Al plate and nylon sphere was measured using an optical 

profilometer (DCM3D, Leica Microsystems, UK). Six of the Al plates were roughened using different 

grades of SiC polishing paper, of grades P4000, P1200, P500, P240, P120 and P80 (Buehler, Germany). 

Each Al plate was roughened until a uniform surface was achieved. After polishing, the surface 

topography of each specimen was measured through a 10X lens. Five measurements were taken on 

each specimen, at non-overlapping locations. The average roughness of the surface, Sa (6) was 

calculated using Mountainsmap software (Digital Surf, France) after performing a tilt correction.   

2.3 Impact Event and Acoustic Recording 

Impact events were generated by dropping a nylon sphere onto an Al plate to create a contact 

mechanism according to Hertzian mechanics (7). The plate was oriented perpendicularly to the 

direction of the approaching sphere, and was simply supported at all four corners. Although the results 

are not presented here, it should be noted that nylon spheres gave excellent repeatability of acoustic 

data when compared to other polymers tested; these were poly(propylene), poly(tetrafluoroethylene), 

poly(urethane), and viton. Fifty separate impact events were recorded. 

The sphere radius, landing position, microphone position, and the initial height of the sphere above 

the Al plate, will all influence the acoustic data generated. In this work, the initial height of the sphere 

was 0.965 m, and the sphere was oriented above the centre of the Al plate. The microphone (SM 58 

Vocal Microphone, Shure, USA) was held parallel to the Al plate surface; the tip of the microphone is 

approximately 5 mm from the plate edge. For each impact, the data was subsequently processed using 

Matlab (R2016b, MathWorks, USA) to obtain a sound spectrum. Specifically, the time domain data 

was processed via Fourier transform to obtain a frequency-vs-amplitude spectrum; the frequency 

range explored in this work is 0.40-20 kHz. 

2.4 High Speed Load Cell 

High speed recording of the force and duration of impact events was studied separately to acoustic 

recording. An Al plate was attached to a 10 N uniaxial load cell (TCA 720397, Procter and Chester 

Measurements, UK), shown in Figure 1. The load cell resonant frequency is approximately 1.0 kHz. 

 

 

Figure 1: Load cell with attached aluminum plate; nylon sphere shown for scale 

2589



 

 

The analogue output from the load cell was collected by a DEWE-43A data acquisition instrument, 

connected to a desktop PC running DEWESoftX2 software (DEWESoft, Slovenia). The Al plate u sed 

for these measurements had dimensions 100.0 mm × 100.0 mm × 0.5 mm; the plate mass was 14 g, 

which meant that over 85% of the load cell range was available for measuring the impact force.  

3. THEORY AND SIMULATION 

3.1 Impact Energy 

The nylon sphere is essentially in free fall through ambient air (21°C, 101.3kPa, humidity 20%), 

accelerating from zero velocity to its maximum velocity when it impacts the Al plate . The kinetic 

energy of the sphere, 𝐸𝑘, depends on the sphere mass, 𝑚sphere, and its velocity, 𝑣sphere:  

𝐸k =
𝑚sphere𝑣sphere

2

2
 (1) 

 

The sphere velocity at impact, when dropped from an initial height, ℎ, of 0.965m, can be calculated 

according to: 

𝑣sphere = (2𝑔ℎ)0.5 (2) 

where 𝑔 is gravitational acceleration of 9.81 m s
-2

.  

 

Given that the sphere has mass 1.2 g, and the impact velocity is 4.351 m s
-1

, the kinetic energy at 

impact is 11.4 mJ. 

3.2 Natural Frequency of a Solid Sphere 

The natural frequency of a solid sphere, according to Lautrup (8), is given by:  

tan 𝑠 =
𝑠

(1 −
𝑠2

4𝑞2
)
 

(3) 

where 𝑠 is a dimensionless variable, and 𝑞 is the ratio between the transverse and longitudinal 

sound velocity in the material. The value of 𝑞 is 0.5 (9) for nylon. 

 

Upon plotting equation 3, performed using MATLAB, the intersections between the curve and the 

x-axis are the solutions. The first solution, 𝑠1, occurs at 𝑠 = 2.82.  

 

The speed of sound, 𝐶𝐿, under the experimental conditions employed in this work is 340 m s
-1

. 

 

The angular frequency of the sphere oscillation, 𝜔sphere, is calculated using: 

𝜔sphere =
𝐶𝐿𝑠

𝑅
 (4) 

where 𝑅 is the sphere radius, yielding 𝜔sphere,1 =153,408 rad s
-1

 for 𝑠1 = 2.82. 

 

The angular frequency is converted to the natural frequency, 𝑓sphere, according to: 

𝑓sphere =
𝜔

2𝜋
 (5) 

which gives the first mode of natural frequency of the nylon sphere as𝑓1 = 24.032 kHz. 

 

Using Equations 3-5, the second solution is 𝑓sphere,2 = 48.087 kHz, where 𝜔sphere,2 =301,984 rad, 

and 𝑠2 = 5.64. 

3.3 Natural Frequency of a Solid Plate 

The natural frequency of a solid plate, 𝑓plate, is given by (9): 

𝑓plate =
𝐾𝑛
2𝜋

(
𝐷𝑔

𝑤𝑑4
)
0.5

 (6) 

2590



 

 

where 𝐾𝑛 is a constant referring to the mode of vibration, 𝑛. The plate thickness is𝑑, the load per 

unit area is 𝑤, and 𝐷 depends on the physical properties of the plate material: 

𝐷 =
𝐸plate𝑑

3

12(1 − 𝜈plate
2 )

 (7) 

where 𝐸plate and 𝜈plate are the Young's modulus and Poisson’s ratio of the plate respectively. 

 

Assuming 𝜈plate = 0.33 and 𝐸plate = 70 GPa, Equation 7 gives𝐷 = 52.37N m.  

 

Values of 𝐾𝑛 are obtained from Roark’s formulae (9) where 𝐾1=19.7, 𝐾2 = 𝐾3 = 49.3.  

 

The load per unit area is given by: 

𝑤 =
𝑚plate𝑔

𝐴𝑝𝑙𝑎𝑡𝑒
 (8) 

where 𝐴𝑝𝑙𝑎𝑡𝑒 is the cross-sectional area of the plate perpendicular to where load applies. 

 

Therefore, 𝑤 = 52.974 N m
-2

, 𝑓plate,1 = 976.9 Hz, and 𝑓plate,2 = 2.444 kHz.  

3.4 COMSOL Modelling 

COMSOL Multiphysics software (COMSOL, UK) was employed for modelling the natural 

frequencies of both the nylon sphere and the Al plate. In each case a fine mesh 3D model was built for 

an Eigenfrequency study. Boundary conditions were selected to match the experimental conditions; 

four corners simply supported for the Al plate, and a fixed centre point for the nylon sphere. Material 

properties were imported from the COMSOL material library.  

For the solid sphere, only three natural frequencies are predicted to be activated over the frequency 

range of interest in this work; 10.3 kHz, 10.4 kHz, and 10.7 kHz. In contrast, over fifty natural 

frequencies are predicted to be activated for the Al plate, ranging from 403 Hz to 24 kHz. Figure 2 

shows examples of where and how the surface displacements are predicted to occur at specified natural 

frequencies. All of these calculated values are compared to the calculation results, and to the acoustic 

data, in order to interpret the acoustic impact event. 

 

 

Figure 2: COMSOL simulation of surface displacement; (a) Al plate, natural frequency 1.0 kHz; (b) nylon 

sphere, natural frequency 10.3 kHz 

4. RESULTS AND DISCUSSION 

4.1 Surface Topography 

The average roughnesses of the unpolished 'as-received' Al plate and the six polished Al plates are 

shown in Figure 3. The roughest surface, plate 6, achieved using P80 grade polishing paper, is 

approximately four times rougher than the surface of the unpolished plate. Plates 0-6 have thickness d 

= 2.0 mm whereas Plates 7 and 8 have thickness d = 0.5 mm and d = 1.0 mm respectively. 
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Figure 3: Average roughnesses of Al plate surfaces; error bars represent one standard deviation 

4.2 Impact Mechanics 

The load cell response from an example 'nylon-on-Al plate' impact event is shown in Figure 4. The 

mean time between the initial contact, point A, and the maximum normal load, point B, is 1.09 ± 0.05 

ms. Point B is thought to be the point at which the rebound starts, and the nylon sphere begins to travel 

in the opposite direction to impact. i.e. upwards, away from the Al plate. The mean maximum normal 

load with which the nylon sphere impacts the Al plate is 8.64 ± 0.38 N.  

 

 

Figure 4: Load cell response for a nylon sphere impacting an Al plate 

 

The contact area, a, between the sphere and plate and the vertical displacement of the sphere, 𝛿, are 

calculable according to Hertzian contact mechanics (7). It is assumed that the majority of deformation 

occurs in the nylon sphere, given it has a much lower modulus than the Al plate. The contact radius is 

given by (7, 10): 

𝑎 = (
𝑅𝐹

𝑘
)
1/3

 (9) 

where 𝐹 is the applied normal load, and 𝐾 is the effective elastic modulus, given by: 

𝑘 =
4

3
(
1 − 𝜈sphere

2

𝐸sphere
+
1 − 𝜈plate

2

𝐸plate
)

−1

 (10) 

where 𝐸sphere and 𝜈sphere are the Young's modulus and Poisson’s ratio of the sphere material 

respectively. 

 

Further, the relationship between the vertical displacement, contact radius, and sphere radius is:  

𝛿 =
𝑎2

𝑅
 (11) 
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Assuming 𝜈sphere = 0.50  (Poisson's ratio is dimensionless) and 𝐸sphere = 1.21  GPa, at a 

maximum normal load of 𝐹 = 8.64  N, Equations 9 and 10 give a maximum contact radius of 

𝑎 = 0.268 mm, while Equation 11 gives a maximum vertical displacement of 𝛿 = 13.9 μm. It is 

useful to note that the contact pressure at the point of maximum normal load is on the order 30 MPa,  

4.3 Impact Acoustics 

Figure 5(a) displays time domain acoustic data for an impact event recorded when a nylon sphere 

impacts Plate 0, an unpolished Al plate. The acoustic event has a duration of approximately 70 ms, far 

longer than the time in which the impact and rebound event occurs according to the load cell data. 

Figure 5(b) illustrates how the data is transformed from voltage into sound pressure (by taking Fourier 

transform) and a linear trendline is fitted to the data. The gradient of the trendline is termed the 'decay 

constant'; the value of the decay constant for the data in Figure 5(b) is 71 log(Pa) s
-1

. 

 

 

Figure 5: Acoustic data for nylon sphere impact on Plate 0; (a) voltage output from microphone, (b) 

calculating a decay constant for the sound pressure 

 

Figure 6 illustrates the effect of surface topography and plate thickness on the impact acoustics. 

The decay constant increases with Al plate surface roughness, shown in Figure 6(a). This means that 

the acoustic event decays more rapidly as the plate topography becomes rougher. Figure 6(b) shows 

that the decay constant also increases with increasing plate thickness, which means that the acoustic 

response from an impact on an Al plate lasts longer for plates with lower mass, i.e. the plate vibrations 

are less damped. 

 

 
Figure 6: Decay constants for nylon spheres impacting on Al plates; (a) effect of surface topography, 

(b) effect of plate thickness 
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Figure 7 shows frequency-vs-pressure spectra for Plates 0, 1, 6, and 7, affording a visual 

comparison of the transformed acoustic outputs. Plates 0 and 7 are both unpolished, presenting surface 

topographies with similar roughness, but differ in their thickness, d = 2.0 mm and d = 0.5 mm 

respectively. Correspondingly, their acoustic spectra are markedly different, reflecting the difference 

in their acoustic output upon impact. Comparison of Plates 0 and 1, which exhibit similar thickness and 

surface roughness, Plate 1 having been roughened with grade P4000 polishing paper, demonstrates that 

a slight change in surface topography did not dramatically alter the acoustic spectra. Comparison of 

Plate 1 with Plate 6, a d = 2.0 mm plate roughened with grade P80 polishing paper, illustrates that 

changing the surface roughness by a greater amount results in noticeably different acoustic spectra.  

 

Figure 7: Acoustic spectra for a nylon sphere impacting Al plates: (a) d = 2.0 mm, Sa = 607 nm; (b) d = 0.5 

mm, Sa = 547 nm; (c) d = 2.0 mm, Sa = 639 nm; (d) d = 2.0 mm, Sa = 2,564 nm 

4.4 Comparison of Experiment, Theory, and Simulation 

Comparison of the experimentally-acquired acoustic spectra in Figure 7 to theory and simulation 

does not reveal close alignment between predicted and measured frequency peaks. However, it should 

be noted that the calculated frequencies 𝑓plate,1 = 977 Hz and 𝑓plate,2 = 2.444 kHz match closely 

with the frequencies 978 Hz and 2.337 kHz predicted using COMSOL. This suggests that essential 

features of the plates and the impact event, which contribute strongly to the acoustic output, are absent 

from both the theory and the simulation. Investigating the critical parameters of the impact which 
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determine the magnitude and structure of the acoustic output is currently the subject of ongoing 

research. 

5. CONCLUSION 

This work sought to investigate the possibility of developing a new method of impact -based 

non-destructive testing, one which could be used to define the physical characteristics of a specimen 

and the specimen surface. The results presented in this paper demonstrate that the acoustic output from 

the impact of a nylon sphere on an aluminium plate can be used to determine differences in surface 

topography and plate thickness. 

Processing and transformation of the recorded acoustic data was conducted in two ways. As a 

primary interpretation of the acoustic output from an impact event, the sound pressure wa s calculated 

whilst in the time domain, and a decay constant was calculated. This captures the rate at which the 

acoustic response from the impact event fades. By this method it was possible to determine differences 

in plate thickness and surface topography between samples. However, for some samples, use of this 

'one dimensional' measure may not permit adequate discrimination between two or more changing 

physical properties.  

Furthermore, a Fourier transformation was used to generate a spectrum in the frequency domain. 

By this method it was also possible to determine differences in plate thickness and surface topography 

between samples. This output was more time-consuming to generate, but yielded plots which serve as 

a useful 'two dimensional fingerprint' of the acoustic output from the impact event.  

The acoustic spectra presented here are representative of the data collected from dozens of repeat 

measurements for the many sphere/plate combinations investigated. Future work will include the 

development of a method for assessing the similarity of acoustic spectra, so that the repeatability of a 

test can be captured and quantified using one, or perhaps two, unique parameters. 
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ABSTRACT 
 
The Hydropower Generation market is facing globally high operational flexibility, compelling the 

operator to look forward to reach maximum availability and performance. 
The early detection of incipient electrical failures at the generator winding, transformers and 

conventional substations will help reach these targets.  
This paper presents a monitoring system which identifies through sound emission the acoustic 

emissions produced through small electrical discharges, called “Corona”. The Corona has a 
characteristic acoustic signature, containing specific frequency components in the range between 7 to 
19 kHz. Acoustic Corona monitoring can also be used in combination with Partial Discharge 
Monitoring Systems, improving the early detection of incipient failures.  

The approach along with using control system data, including historical machine behavior, and 
applying cloud based machine learning algorithms allows the continuous monitoring of the Corona 
effect. This allows to cluster machine “normal” behavior and to detect corona anomalies, allowing 
early warning before failures. 

The output provides a web-based visualization to the operator, indicating unusual behavior that the 
support engineer can investigate possible issues in an early phase. The automated system provides a 
continuous monitoring of the equipment and raises a warning or alarm just in case of a corona acoustic 
behavior.  

This solution allows an easy retrofit of existing hydropower plants as it requires no physical 
modifications of the equipment.  
 
 
Keywords: acoustic, Corona, Machine learning 

1. INTRODUCTION 
 
Acoustic monitoring and cloud computing introduce a new approach of a monitoring system for 

Hydro Power plants: the “integral” approach. 
This approach is based on the use of non-localized measurements which promotes the use of 

information from a larger set of equipment, e.g. inside the generator, turbine pit, conventional 
substations, or in the area of auxiliary systems such as high-pressure units.  

The acoustic monitoring system is capable of detecting anomalies or deviations from typical 
behavior of the machine (1). This approach has advantages over classical monitoring systems, where  
sensors are mounted to fixed locations. Integral sensors like microphones supervise a larger space and 
thus supervise more equipment with a smaller number of sensors. It is very interesting, for example, 
how the vibration signals of classical monitoring systems relate to signals of acoustic monitoring. (1).   

Although the use of microphones will lead to obtain signals which will be a mixture of the 
contribution of several sound sources, it can be possible to detect specific events if a proper set of 
acoustic features is selected and techniques of blind source separation is used. 

Most of the malfunctions detected in the hydro power units are caused by following type of 
phenomena: 
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 Mechanical: Due to shaft misalignment, anisotropy of bearings, instability of the bearing 
oil film, mechanical or magnetic imbalance and friction.   

 Hydraulic: Due to self-generated forces, hydrostatic, cavitation, instabilities in the draft 
tube or flow in the hydraulic ways.  They can also come from transient regime  period 
excitations 

 Electric: Due to unbalanced magnetic forces, lack of uniformity in the generator gap or 
phenomena known as Partial Discharge or Corona. 

 
Mechanical phenomena and their translation into vibrations and correlated acoustic effects have 

been studied and published in previous papers (1). Our new goal is to investigate Corona as electric 
malfunction potentially causing degradation of the insulation system in the power unit (generator) and 
as part of the future investigations we will focus on one of the most typical hydraulic phenomena: 
cavitation (2). 

 
The Corona effect can occur in generators or transformers. The corona is produced by partial 

discharges which may occur in high voltage equipment due to unforeseen high electric field strengths . 
The occurrence of partial discharge does not mean the total loss of the insulation system as it does not 
cause a complete conductor to ground connection. Partial discharge can also occur along the surface of 
solid insulating materials. This happens if the surface tangential electric field is high enough to cause 
a breakdown along the insulator surface. However, with the passage of time the Corona may end up 
deteriorating the insulation, causing increased aging of the insulation material. 

 

 
Figure 1 – Corona on generators (source ofilsystems.com) 

 
 

Evidence of the Corona is often visible to the eye with a white powder also appearing that sprinkles 
the surface of the stator winding. Past research also talks about the possibility of detecting the corona 
at the same time by means of acoustic (3), visual monitoring and through the detection of gases, since 
a secondary product of the Corona is the appearance of ozone (4). 

 
In practice, the Corona is evaluated during two different situations: 
 

1.1 During Commissioning 
 
During the dry commissioning of the generator, a high-power test (executed in accordance with e.g. 

IEEE 56-1979 (§ 8.1.5.2)) is carried out manually, which ends with the visual inspection of the 
machine. Thus, the test is normally executed by night with reduced illumination; if necessary, a dark 
covering must be provided. 

  
Under certain circumstances, this test involves the presence of personnel in the generator pit, which 

entails risks. For safety reasons, all metallic non-energized parts of the machine as well as the HV 
power supply should be grounded and the windings must be free from dust or other kind of dirty. It will 
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be also necessary to isolate the area around the stator and provide security/safety advertises. Only 
qualified personnel should be allowed to execute the test. 

 
Due to all these points, an acoustic monitoring system detecting corona and avoiding the presence 

of personnel in the generator pit and the generator stator during the test would be a significant 
improvement for hydropower plants commissioning and maintenance personnel. 
 
A similar scheme to the wiring schematic (Figure 2) for testing corona during commissioning has also 
been used for the laboratory tests of our system. 

 

 
Figure 2 – Wiring schematic for alternating voltage test of the stator winding 

Where: 
 
  HIPOT - HV test equipment; 
  TP  - Voltage transformer; 
  V  - Voltmeter AC; 
  A, B e C - stator winding phases; 
  F  - rotor winding. 

 

1.2 During Operation period 
 
In the medium and long term, special equipment is needed to detect the Corona by means of 

couplers. These couplers are installed mainly to detect Partial Discharge, but they also measure the 
Corona. For diagnosis, it is essential to make a temporary tendency of the measure Partial Discharge 
because the machines have different reference values. 

 

 
Figure 3 – Mounted couples inside a generator pit (source sparks instruments) 
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The doubling of Corona levels over a six-month period is cause for concern. The machine must be 

opened and inspected visually. 
 
The acoustic cloud-based approach could be an easy way to equip the generator and both do 

stand-alone Corona monitoring and correlate the results and analysis of the classical Corona 
Monitoring system. 

 

2. PROCEDURES FOR EVALUATING THE CORONA 

2.1 Tests description 
 
 For Corona generation, both in the laboratory and in the field, it is necessary to apply the high 

voltage source defined previously and shown in figure 2. 
 
In both cases, the high voltage source is connected to the voltage transformer. In the case of the 

laboratory, the experiment is closed by connecting the high voltage source with an electrical conductor.  
In the case of the field, the voltage source is connected to one of the bars of the stator winding , on the 
generator output bus 

 
In both cases, special attention must be paid to conveniently storing the unused elements.  The 

metallic surfaces must be clean and free of dust and to achieve the Corona special conditions of 
temperature and humidity are required. 

 
Once the electric part is assembled, the voltage of the high-power source is raised in steps until the 

Corona appears. As a result it appears a time signal like the one in figure 4 containing multiple Coronas 
over time. This Corona must be very similar for the experiment done in the laboratory as in the field 
experiment. 

 

 
Figure 4 – Pure Corona Signal  

 
 
As the purpose of this work is the separation and detection of Corona in running machine 

conditions, and to achieve an effect similar to that of the generator running in a hydraulic power station, 
in the laboratory a simulated background noise with similar intensity and shape to the real one was 
added.  
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The superposition of the Corona signal to the background noise of the machine in nominal 
operation can be seen in Figure 5. In addition, in other experiments other noises , such as fans, are 
added. 

  

 
Figure 4 – Corona Signal and Running Machine background noise added  

 
For all these scenarios, different samples of different lengths are taken to better perform the 

training of the algorithms.   
 
For the analysis and separation of the Corona, two different techniques have been chosen that have 

given very interesting and promising results:  
 

 In the first one, MFCCs (Mel Frequency Cepstral Coefficients) were used as features and 
reduced in dimensions under the PCA. Finally, 3 dimensions were used to visualize the data 
set.  

 In the second one, a CNN (Convolutional Neural Network) was established using gray 
scale spectrograms of input size 300X300 for binary classification of test data 

 
 
 

2.2 MFCCs (Mel Frequency Cepstral Coefficients) 
 
The first classification strategy that we have carried out is MFCCs. Mel Frequency Cepstral 

Coefficients (MFCCs) are widely used features for automatic speech and speaker recognition. In 
addition, applications in environmental noise are becoming more frequent.  

 
The cepstral coefficients are derived from the Fourier transform (FFT – Fast Fourier Transform) or 

the discrete cosine transform (DCT), but the basic feature is that in MFCC the frequency bands are 
logarithmically located, according to the Mel scale. 

 
The short time Fourier transform of the signal is evaluated to follow the temporal changes of the 

frequency components. Then the next step is the calculation of the periodogram of the power spectrum 
of each frame.  

 
Following, the filter bank according to the Mel scale is applied to the power spectra and the 

resulting energy is summed.  
 
Then the logarithm of all filter bank energies is calculated, and through the DCT we obtain the 

cepstral coefficients of the Mel frequencies, which will form the MFCC vector. 
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After the MFCCs were extracted as features, the dimensions of the data set were reduced using the 
PCA (Principal Component Analysis) clustering. Finally, we only used three dimensions of the dataset 
to represent the data in three-dimensional space. 

 

 
 

Figure 5 – PCA Clustering of the Corona estimation after MFCCs calculation  

 

2.3 Convolutional Neural Network 
 
The second classification strategy that we have carried out is CNN (Convolutional Neural 

Network). CNN is a type of Artificial Neural Network with supervised learning that processes its 
layers imitating the visual cortex of the human brain to identify different characteristics in the inputs 
that ultimately make it possible to identify objects and "see".  

 
In our case, we will work with spectrograms of the different noises as input for the CNN.  Figure 6 

 
 

  
Figure 6 – Corona spectrogram (Left) and Corona+ Machine spectrogram (Right) 

 
The CNN contains several specialized hidden layers and a hierarchy: this means that the first layers 

can detect lines, curves and are specialized to reach deeper layers that recognize shapes . These consist 
of taking "groups of nearby pixels" from the input image and operating mathematically (scalar 
product) against a small matrix called a kernel. That kernel supposes a of size 3 × 3 pixels "runs" all 
input neurons (left-right, top-bottom) and generates a new output matrix which will ultimately be our 
new layer of hidden neurons.  

 
In our case, our CNN Model (containing 5 layers) was trained with the same number of samples 

from the running power unit and from the running power unit + Corona.  
In addition, the concept of data augmentation was used hereby artificially generated data was added 

2601



 

 

to the original training data. Finally, the trained model was tested on the data of a second experiment 
under the same conditions as the first experiment. Figure 7 

 

 
 

Figure 7 – CNN Training Data Set and Test Data Set 
 
The results of the bi-class decision model are very positive, giving rise to very small decision errors, 

with very high accuracy and precision. Figure 8 
 

 
 

Figure 8 – Results of the application of the CNN Model on Corona 
 
 

3. CONCLUSIONS 
 
It has been possible to separate and detect the Corona by means of a bi-class detector based on 

neural networks with very high hit rates and by means of clustering based on the MFCCs algorithm 
with very promising results. 

 
The next step is to integrate it into Voith's standard acoustic monitoring algorithms and apply this 

approach also to the special Corona tests performed during the start -up of hydraulic machines. 
 
The acoustic monitoring is conceived as an integral monitoring system. Not only the components 

from the vibrations can be isolated (1), but also the spectral components of other aggregates of a 
hydroelectric power plant (air compressors, etc.), or electrical effects as Corona, allowing monitoring 
of the anomalies of these systems. 
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ABSTRACT 
Ariane 5 rocket produces very high sound pressure levels during launch, what can influence structures located 
inside the fairing. In Wide Field Imager (WFI) project, the main part of the filterwheel assembly (FWA) is 
an extremely thin ( 240 nm) filter of large area (170 × 170 mm), very sensitive to noise and vibrations. The 
aim of this study was to minimize the sound pressure affecting filter surface. Several modifications of the 
filterwheel assembly including e.g. different filterwheel angular position or height were analysed using finite 
element method (FEM) simulations. The possible modification options were greatly limited by non-
acoustical design factors. The results from computer simulations were compared with measurements of the 
prototype FWA. The results will be used in further design process of WFI filterwheel assembly. 
 
Keywords: Rocket, Noise, FEM, Athena, WFI 

1. INTRODUCTION 
Space telescope ATHENA is an X-ray telescope, which maps hot gas structures, determines their 

physical properties, and searches for supermassive black holes. Wide Field Imager (WFI) – one of the 
key instruments of ATHENA – will provide imaging in the X-ray energy range of 0.2–15 keV over a 
field of view with the size of 40 arc min squared in combination with spectral and time-resolved 
photon counting. The WFI detector, based on arrays of DEPFET active pixel sensors, apart from 
sensing X-Rays, is also sensitive to photons in the UV and VIS range. To manage this problem, an 
appropriate blocking filter is needed for the large field of view detector. Due to the large 
area/dimension (170 × 170 mm) and minor thickness ( 240 nm), the filter of WFI is very vulnerable 
to acoustic and vibration loads, which are generated during rocket launch (1). Therefore, the 
estimation and minimalization of acoustic load is crucial for designing the WFI Filter Wheel structure.  

Common solution to problem of excessive sound pressure levels during rocket start is to enclose 
the object in vacuum chamber, what leads to significant increase of weight and fault probability. In 
case of WFI ATHENA a decision was made to protect the filter, instead of enclosing it in vacuum, so 
that the impact of acoustic wave on fragile blocking filter is minimized. Such approach makes the 
design lighter and less complicated but the reduction of the SPL on the filter surface must be provided 
by other means. 

2. FILTERWHEEL ASSEMBLY 
Detailed structural models of the Filterwheel Assembly (FWA) were provided by Space Research 

Centre, Polish Academy of Sciences (2). The important elements appearing in all variations of the 
assembly (Figure 1) are a baffle which shapes the light beam, top cover, filterwheel and the filter. 

                                                        
1 wbinek@agh.edu.pl 
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Figure 1 – Geometry of WFI Filterwheel Assembly 1 – Baffle, 2 – Top Cover, 3 – Filterwheel, 4 – Filter on 

which the SPL must be minimized. The top cover is shown in half section to show the filterwheel 

2.1 Analysed WFI Athena FWA Configurations 
Three main WFI Athena Filterwheel Assembly models were tested. Due to significant differences 

in the design of each version the results from different models are not comparable, however the impact 
of individual modifications within one primary design can be assessed.  

The first design (V1) was a prototype used to create and calibrate the Finite Elements Method 
(FEM) model (Figure 2a). A physical model of the FWA was build and tested in both the reverberation 
and anechoic chamber of AGH University of Science and Technology (3). Measurement results were 
used to verify and calibrate the computer model. Finally, an acceptable agreement between the 
measurement in anechoic chamber and simulation was obtained. The FEM model conditions derived 
at this stage are described in detail in chapter 3.1 and were used in further simulations without 
significant modifications. 

Second model (V2) was a first proposition of the functional FWA design providing required 
mechanical properties (Figure 2b). The model was used to analyse the impact of multiple design 
factors on the sound pressure level inside the assembly. Based on simulation results of the second 
model, a third geometry was created.  

Third model (V3) has a modular design allowing for verification of some of the proposed SPL 
minimalization solutions by measurements (Figure 2c). It also meets the functional and mechanical 
requirements and a non-modular version of the geometry can be used as final solution.  This model 
will be built and tested in June 2019. The results from testing third model will be used to re-evaluate 
the finite elements model. 
 

a) b) c) 

Figure 2 – Main tested FWA variants a) prototype model (V1), b) functional model (V2), 

c) modular model (V3) 
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3. FEM MODELLING 
The WFI Filter Wheel Assembly (FWA) is still in design phase therefore most of the analysis must 

be carried using numerical simulation methods. The measurements were made only to provide 
a calibration data for computer modelling. 

In order to run simulations provided models have been simplified. We removed all joint elements 
(screws, bolts and holes), replaced gears and bearings with rings and deleted the chamfered and 
rounded edges. Such modifications resulted in significant reduction elements number and simulation 
time. All simplifications were carried so that their impact on the results would be neglectable.  

3.1 Finite Elements Method Models 
Base FEM model is simulating the anechoic chamber conditions. The geometrical model is filled 

and surrounded by the cylinder of air (Figure 3a). Outside layer of the air cylinder is the perfectly 
matched layer (PML) providing the sound radiation condition. Excitation is realized by incident 
pressure field condition on the top of the cylinder. The structure is simulated using linear elastic 
material model. The material properties describe aluminium with density of   , 

 Young modulus and   Poisson ratio. Damping was included as isotropic loss factor 
 . Filter membrane is modelled separately using 0.2 mm thick shell component with 

density of , Young modulus 3.3 GPa and Poisson ratio 0.33. The material properties of the 
shell were tuned to match the predicted first resonance frequency of the fil ter (4). Interactions between 
acoustic pressure filed, linear elastic and shell domain were included in calculations and modelled by 
suitable interactions. This model provided good agreement with measurements (Figure 3b). 

Mesh size was calculated so that the maximum element size was equal to one eight of the 1000 Hz 
wavelength. Calculations were carried in COMSOL Multiphysics 5.3 software.  

 

a) b) 

Figure 3 – Base FEM model a) Model geometry with highlighted structure, b) Comparison of measured and 

simulated SPL on filter surface (model V1) 
Because real conditions inside the rocket fairing area are more alike reverberant field than free 

field, additional model was created to check the impact of the field surrounding the element on the 
SPL inside the FWA. In the alternative model, the FWA geometry is filled and surrounded by sphere 
of air with outer layer acting as background pressure filed. To achieve random wave direction the 
simulated excitation pressure filed is modelled as sum of 200 plane waves with random phases and 
directions. Because the excitation is partially random, in order to maintain energy, a correction factors 
based on simulated excitation SPL and target excitation SPL are calculated and applied.  
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a) b) 
 

Figure 4 – Reverberant field model a) geometry of the model b) comparison of sound pressure levels on 

filter surface in free field and reverberant field model (model V3) 
The simulated SPL for free field and reverberant filed model is significantly different  (Figure 3b). 

Higher overall SPL combined with lower values for resonance frequencies in reverberant field model 
may be caused by the fact that random excitation is less likely to induce specific resonances but on 
the other hand it will excite the model more evenly.  

For the simulations presented in further chapters the free field model was used. It was compared 
and calibrated to free field measurements and it allows for comparison of different geometry variants. 
The measurement session planned on June is supposed to clarify weather the free field or reverberant 
field model fits the free field measurement better and therefore should be used in future simulations. 

3.2 Verification of Structure Transmission Impact 
In order to assess the impact of sound transmission via the structure, a model with closed baffle 

was created. This sealed inside of FWA blocking direct airborne transmission of sound wave to the 
filter. Additionally, we tested the model with rigid structure.  

 
Figure 5 – Impact of structure modelling on the SPL on the filter surface (model V2) 

The observed impact of structure-borne transmission is neglectable (Figure 5). SPL on the filter 
surface with rigid and elastic structure is almost identical. The analysis of closed model shows that 
for frequency range under 500 Hz the energy transmitted by the structure is orders of magnitude 
smaller than the energy transmitted through air. 
 

y g
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4. ANALYSYS OF FILTER WHEEL ASSEMBLY MODIFICATIONS 

4.1 Baffle closing 
Based on results of structural transmission analysis, a new model with collapsed (partially closed) 

baffle was proposed (Figure 6). This allows for some direct access of the airborne sound wave into 
the model but the exposed area is significantly smaller.  

a) b) 

Figure 6 – Collapsed baffle model a) geometry of the model, main baffle is closed, small baffle remains 

open b) comparison of the SPL on filter surface for model with open baffle and collapsed baffle (model V2) 
Collapsing the baffle leads to significant decrease of the SPL affecting the filter especially in 

frequency range around 100 Hz where the first resonant frequency of the filter is expected. Although 
collapsing the baffle reduces the SPL inside the FWA for now this solution is rejected due to 
complexity and high possibility of fault of the baffle closing and opening mechanism. 

4.2 Moving Ribs Inside the Filterwheel Assembly 
Another proposed solution was changing the location of the ribs stiffening the top cover from the 

outside to the inside of the model. It was achieved by moving the surfaces between ribs from the 
bottom of the ribs to their top (Figure 7a). Such modification increased the overall volume of the FWA 
and created the expansion chambers inside the filterwheel assembly leading to SPL reduction 
(Figure 7b). The presented solution was included in the V3 model and is supposed to be included in 
final FWA design. 

 

 

a) b) 

Figure 7 – Model with ribs inside the FWA, a) geometry of the model, b) comparison of the SPL on the 

filter surface with ribs outside and inside the FWA (model V2) 

g y
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4.3 Filter position 
The filterwheel can be designed so that during launch the filter is placed either at 90° or 180° from 

axis connecting the centres of the FWA and baffle. The simulated SPL on the filter surface is lower 
for 90° configuration (Figure 8). This result is surprising, as the filter in 90° configuration is closer 
to the baffle than in 180° variant. It may be caused by the fact that the clockwise and counterclockwise 
sound transition paths inside the FWA are different in the 90° configuration, resulting in different 
phase shifts of the incoming waves. Setting filter at 90° during the take-off is additionally preferable 
as it allows for symmetrical and balanced filterwheel design.  

 

 
Figure 8 – Impact of filter position on the SPL on filter surface (model V3) 

4.4 Modification of Spacing Between Filter Wheel and the Cover 
Minimal distance between the filterwheel and the cover is chosen so that the filterwheel , vibrating 

during the rocket launch, would not touch the cover. The estimated minimal distance is 2 mm. 
To minimize overall SPL affecting the filter the gap should be as small as possible, however increasing 
the gap shifts the resonance frequencies. This effect can be used to tune the geometry and move the 
air volume resonances further from filter mechanical resonance, what may be preferable even at the 
cost of overall SPL increase. The optimal values of the distance between FW and cover will be 
identified when the final geometry of the filter and the filterwheel assembly is established.  

 

a) b) 

Figure 9 – Model with ribs inside the FWA, a) geometry of the model, b) comparison of the SPL on the 

filter surface with ribs outside and inside the FWA (model V2) 
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5. CONCLUSIONS 
Using the FEM simulations, many geometrical variants and potential noise reduction solutions 

were tested and the number of configurations to be verified in physical measurements was narrowed. 
Impact of the FEM model conditions on the simulation results is significant  and often greater than the 
impact of proposed FWA modifications. It is crucial to verify which of the proposed models is better 
suited to reverberant conditions during the upcoming measurement session. Nevertheless, free field 
model allows for the comparison of different FWA designs.  

The SPL reduction on filter surface can be obtained by adding expansion chambers inside the 
assembly and changing the filter position during rocket launch. Modifying the gap between the 
filterwheel and the cover can be used to shift the resonance frequencies of the air inside the FWA 
at the cost of overall SPL increase. Closing the baffle leads to significant SPL reduction but 
it complicates the design of the FWA and increases the risk of fault , therefore currently it is not 
considered as acceptable solution. 
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ABSTRACT 

Auralisation finds increasingly more important applications in everyday life with the development and broad 

availability of virtual reality technologies and systems. This paper presents a new research project focused on 

auralisation implementation in different hardware systems, mainly by using binaural technology with an 

added head tracking system. Besides commercially available VR systems, the possibility of using 

inexpensive inertia measurement sensors connected to simple embedded systems will be investigated as an 

alternative auralisation system for adding natural aural experience in VR applications. In addition, the 

possibility of using widely available smartphones with already integrated movement and direction sensors 

for auralisation purposes using a binaural system will be examined. The listed platforms will be measured 

and compared considering their precision, latency and quality of the virtual sound field using practical 

auralisation examples in laboratory conditions, and in real life situation in-situ. Measurement plans for sensor 

parameters and characteristics, such as delay, sensitivity and accuracy, are presented in the paper for both 

IMU sensors connected to an embedded system and sensors integrated in smartphones. 

 

Keywords: Virtual Reality, Auralization, Inertial measurement units 

1. INTRODUCTION 

 

The range of possible indoor and outdoor noise perception scenarios is so wide that novel 

techniques and methods must be designed to predict and model the variety of acoustical situations 

under a controlled experimental setup. It has been shown that the combination of virtual acoustic 

reality and computer-based acoustic simulation allows the study of sound in any environment, offering 

multiple research possibilities for urban designers, architects and acoustical engineers (1). 

Auralisation is a growing research field within applied acoustics. It was defined in the 1990s, as the 

process of rendering audible the sound field of a source in both indoor and outdoor environments, 

using physical or mathematical modelling. This rendering is done by simulating the binaural listening 

experience at a given position in the modelled space (2). This concept has been further developed, 

having evolved into a research field known as Virtual Acoustics (3). Virtual Acoustics is part of a 

broader domain called Virtual Reality (VR), which unites sound with vision, as well as with tactile 

sensation (to a smaller extent) into the immersive experience. 

The discipline of auralisation integrates methods of physics and acoustic engineering with 

psychoacoustics, auditory cognition and electroacoustic sound reproduction. The interest in 

auralisation has been enhanced in recent years, due to the advances in areas such as spatial sound 

reproduction, sound field analysis, and numerical methods. However, there are still many unsolved 

problems, including: modelling real sources for these environments, limitations on methods of 

computing the acoustic parameters for annoyance assessment, lack of evaluation benchmarks, 

uncertainty evaluation of auralisation models, etc. (4). The importance of auralisation and virtual 

acoustics has been recognized by governmental organizations and national funding bodies in Europe. 

They have funded several research projects related to auralisation and virtual acoustics. 
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2. AURALIZATION TECHNOLOGIES 

Currently, auralisation techniques are penetrating three main fields: the virtual world of computer 

games and smartphone applications, walk-through modes of architectural design programs, and the 

design of acoustically sensitive spaces. More applications are expected for predictive orientation to the 

auditory system, indoor-outdoor acoustics measurement, effects of noise exposure and potential social 

impacts, involving: urban acoustic design, social interaction, social and health impact, the creation of 

quieter environments enhancing speech perception, etc. (5, 6). 

The scope of auralisation and audio in virtual reality is an inter- and trans-disciplinary field, so the 

usual channels for interchanging information are not effective.  Contributions are needed from audio 

and acoustic engineers, architects and urban designers, computer and social scientists, physiologists, 

cognitive scientists, etc. New research in auralisation should focus on the application of innovative 

technologies for monitoring acoustic, psychoacoustic, and psychological parameters in urban areas, 

and on modelling these spaces with the aim of developing new solutions for indoor/outdoor 

noise-related problems. The combination of new acoustic modelling methods and immersive audio 

rendering techniques are expected to provide new auralisation-based tools for the assessment of 

acoustic impact in diverse environments. Although one could argue that in-situ measurements are the 

most realistic testing tool, many non-auditory factors can influence in-situ evaluations that can be 

avoided in laboratory experiments, such as excessive low or high temperature, strong daylight or night 

conditions, smell, etc. (7, 8). 

Binaural hearing is essential for realistic auditory perception because it presumes the ability of the 

human hearing to perceive spatially separated sound sources, which is quite different from the 

perception of simple mono sound recordings. Head-related transfer functions (HRTF) are essential for 

simulating spatial hearing, and they are the basic tool for a wide range of virtual auditory display 

applications (guiding systems, game and mobile sound, room acoustic design, etc.). Although many 

datasets of HRTFs of acoustic mannequins already exist, different methods have been developed for 

measuring personal HRTFs, even in an inexpensive and/or fast manner (9). 

2.1 IMU sensors 

The binaural method of auralisation is used more and more in Virtual Reality (VR) systems and 

Augmented Reality (AR) systems (10). Dedicated commercial binaural systems with head movement 

tracking are quite expensive today because they are not produced in large batches, and require several 

sensors and a computer unit used exclusively for this task. At the same time, there are many 

experimental systems developed in recent years that are successfully used for head tracking 

applications in the process of auralisation. Such systems include ultrasonic trackers (usually 6 Degrees 

of Freedom, 6-DOF), simpler 1-DOF ITD systems for horizontal plane tracking, electromagnetic 

devices with 6-DOF and 3-DOF capable sensors, optical analogue devices with 2-DOF and 1-DOF, 

optical digital systems with 3-DOF and 2-DOF, inertial systems with 6-DOF (with and without optical 

reference), and one- or two-camera face-tracking systems with 6-DOF (11). All these sensors and 

systems are not equally suitable for auralisation purposes, but there is no detailed comparison of their 

advantages and disadvantages for binaural synthesis. Not all sensors are necessarily expensive; some 

of the systems are low-cost solutions connected to well-known embedded computer systems such as 

Arduino or Raspberry Pi (12). In all systems and technologies, it is essential that the latency of the 

head position measurement is read with a sufficient frequency, and that the data transfer and data 

processing does not take too much time. Otherwise, the feeling of transparency and non-existing lag is 

ruined for the listener who is experiencing the virtual auditory scene while turning their head (13). The 

common name used for many of these sensors is the Inertial Measurement Unit (IMU). 

In recent years, a technology that integrates all functionalities in terms of motion sensors has 

become widely available – smartphones. Nowadays, they can be found in virtually every home, and 

their number surpasses the number of people using them. Smartphones are already equipped with 

several sensors that can be readily used for real-life calculation of their position and orientation in 

space, such as accelerometers, magnetometers and gyroscopes, all built in space- and money-saving 

MEMS technology, as shown in Figure 1.  

An accelerometer is a sensor for measuring the acceleration, e.g. the change of velocity over time. 

In smartphones, it is built as a MEMS sensor (Micro Electro Mechanical System). A gyroscope is a 

device that consists of a spinning disc, which can rotate freely around its axis, regardless of the 

orientation of the housing frame. In smartphones, the gyroscope is again designed in MEMS 

technology. Vibration structures are used. A magnetometer measures the magnetic field in space, the 
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compass being its most primitive version. The magnitude of the magnetic field is often required, along 

with the direction of the magnetic field. For this reason, the Hall Effect is used. The Hall sensors are 

too big to fit into an average smartphone. Therefore, the magnetometer is also made in MEMS 

technology. It uses the action of Lorentz forces on the MEMS element, which causes a conductor with 

current flowing through it to move when if finds itself in a magnetic field.  

 

Figure 1 – Typical sensor types found in IMUs used for head tracking in auralization 

 

Smartphones are a good choice for head movement detection if they are firmly fastened to the 

head(phones). Since they integrate all required sensors, the only task is to extract the positional data 

and transfer them to the computer that performs the binaural synthesis. At the same time, smartphones 

are already computers with enough processing power to render binaural signals and scenes on the fly. 

There can be many applications of these systems, such as multi-party conference systems, pedestrian 

navigation (12), or even mapping the sound field with the built-in or external microphones for any 

acoustic measurement (14). 

Many more applications of auralization exist, and many more are coming in near future. This is 

especially true for music production that desperately searches for a way-out from the obsolete stereo 

system that has been around for over 60 years. Moreover, there has been no real breakthrough with the 

home-cinema surround sound systems as a mere upgrade to the old 2-channel stereo audio systems 

(15). Health application that uses augmented reality for visually disabled persons is also a new field for 

auralization (16). For people with the need of wearing hearing aids, auralization can be used for many 

augmented reality applications (17). 

3. RECENT RESEARCH IN THE FIELD 

In order to understand the auralization process, one must understand the principles of room acoustic 

measurements and computer simulation. This was also one of our research topics where ray -tracing 

parameters were harmonized in order to achieve realistic room impulse responses in computer 

simulations, essential to experiencing an auralized space as realistic  (18). Auralization of closed 

spaces is essential for many applications, such as making an aural experience of any new or 

reconstructed room for architects, investors, historians, nonprofessionals, but also for visually 

impaired people who rely completely on their hearing rather than on vision. 

Two studies showed how the interior acoustic design of spaces directly influences the way we 

experience the size of the room and our position in it, the so-called self-localization experience (19, 

20). This is achieved by choosing various kinds of wall, floor and ceiling materials with different 

sound absorption and sound scattering characteristics. The idea was to make some guidelines for 

architects in order to support visually impaired and blind persons entering public buildings. 

Another very recent research topic was connected to the use of auralisation as a part of a holistic, 

augmented reality experience. Sound is used here as a mechanism for path following and trajectory 

tracking of remotely operated vehicles. Using this technique, the visual load for the operators is 

reduced. Using more senses together gives the operator a more harmonized cognitive load when being 

exposed to tasks that require a long-lasting mental concentration (21). 

Finally, a pilot project on how to use head tracking systems in virtual audio environments for a 

real-time binaural synthesis. This is again essential for receiving a well-balanced and realistic auditory 

experience of a simulated reality, or when simply playing back a recorded sound event that already 

happened in the past, but we want to experience it now (22). 

IMU data logging and 
proccessing 

Gyroscope  
(3 axis) 

Accelerometer 
(3 axis) 

Magnetometer 
(3 axis) 
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4. RESEARCH METHODOLOGY 

This project proposal is a continuation of previous research done by the research team. The main 

research outcomes expected in the field of auralisation are the precisely defined limitations and 

constraints connected to various auralisation systems. Firstly, limitations of head tracking of the 

listeners in order to achieve a seemingly transparent aural experience that completely immerses the 

listener in the virtual reality surrounding, at least in terms of hearing. Secondly, the comparison of the 

binaural systems with implemented head tracking with available loudspeaker-based auralisation 

technology with dedicated auralisation software, such as Ambisonics sys tem, or similar. 

The main difficulty of audio technologies that are sensitive to head movement today is the speed of 

head tracking, i.e. the latency of the system when freely moving the head and looking around the 

virtual surrounding. This means that any latency larger than approximately 20 ms is experienced as a 

“drag” of the sound field behind the movement. This is no noted issue for commercial VR systems, but 

they are certainly not affordable for a wide group of potential beneficiaries and users. Therefo re, the 

usability and optimization of using inexpensive IMU units connected to embedded systems as an 

interface towards computers rendering binaural scenes is expected in this project, as well as a 

comparison with commercially available systems.  

The final goal is to compare these two systems with smartphones that generally possess all the 

required computational power and positioning sensors, but are not widely used for auralisation 

purposes. Smartphones are very favorable because of their existence in virtually every home, and 

certainly for the great majority of people today. This is already shown in the usage of cheap VR system 

(like Google Cardboard) where the visual part of VR immersion can be achieved to a certain extent, 

but not the aural one, at least not uniting it with head tracking which is essential for good immersion 

and proper auralisation, as mentioned before. 

 

 

Figure 2 – Basic schematics of the research plan 

 

A lot of research time will be dedicated to measurements of various parameters of the sensors. This 

includes measurement of the precision of absolute and relative position and orientation, their pitch, 

roll and yaw values, and their responsiveness to movements depending on the speed of movement, 

travelled distance and time offset, and parameter drift. Existing measurement equipment available at 

the Faculty of Electrical Engineering and Computing, and the Auralization Laboratory in particular, 

will be used for precise measurements of these parameters. Measurement data will be statistically 

analyzed and repeatability and uncertainty of the measured data will be calculated. The general 

overview of the research plan is shown in Figure 2. 

Another key objective is auralisation by computer simulation and numerical methods. For this, 

several levels of auralisation algorithms will be used – from simple coding of binaural synthesis using 

mathematical convolution (for stationary and time-varying signals) to dedicated software for 

auralisation of virtual sound environments using position data from sensors and advanced algorithms 

for binaural synthesis. All this will be done for the available hardware platforms, and when possible, 

Head tracking quality evaluation 

Objective measurements: 
sensor responsiveness to movement, 

sensor delays, parameter drift 

Subjective audio quality evaluation: 
binaural image stability, head movement 

stability, overal sound envelopment 

Head tracking systems 

IMU sensors connected to 
simple embedded systems 

Smarthphones with 
integrated IMU sensors 

VR commercial systems 
with integrated head 

tracking capability 
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for multiple sets of HRTFs. The goal is to compare the speed of execution, the latency introduced by 

the software itself, and all audible artefacts that occur because of filtering, averaging, and other data 

processing. Such processing is required because HRTFs are always recorded in discrete angular 

positions, while binaural synthesis must provide a smooth aural experience when the head of listeners 

is in motion. 

The final key objective is to test and compare all hardware and software systems. For this, several 

aspects are needed, comparing measurable delays and sound localization precision, where team 

members will evaluate the precision and overall impression of the systems regarding several 

measurable parameters and using semantic difference scale in order to obtain usable statistics. This 

includes the evaluation of direction (azimuth and elevation), overall satisfaction with the rendered 

auditory scenes, the feeling of involvement in the scene, sound envelopment, spaciousness, lag, 

artefacts in sound coloration and distortion, etc. The evaluation of the auditory quality in the VR 

systems can be added with the visual scene which changes the overall evaluation, as known from 

literature. In the end, auralisation of binaural synthesis with head tracking will be compared with 

simple binaural recordings without head tracking ability, and finally with auralisation us ing 

loudspeakers in systems such as Ambisonics. All these systems will be compared using the same 

semantic difference questionnaires in order to obtain a relevant conclusion on the quality of the 

system. 

Since auralisation with smartphones is a mobile system used in-situ, in many different surrounding 

outside laboratories, the final field tests will be done. All parameters of auralisation quality will be 

evaluated by the same group, i.e. the team members of the project. Now they will be exposed to other 

type of surroundings, including noisy environments where many sound sources emit noise at the same 

time, thus changing the overall impression of the auralisation quality and auralisation immersions. 

Both evaluations – in laboratory and in the field, will be compared, and the usability of the proposed 

system for field applications will be assessed. 

5. EXPECTED RESULTS 

In terms of general impact of this project, the outcomes can directly influence a broad community 

that extends far beyond the interested scientific community. VR technologies are currently being 

developed in an accelerated pace, and this project focuses on the use of smartphones with all embedded 

sensors for real-time binaural auralisation with many potential applications. It is reasonable to expect 

that the outcomes will stimulate a lot of follow-up research and development in the field of new games 

for smartphones, new possibilities for visually impaired users, improved intelligibility for video and 

teleconference systems (due to spatial distinction of speaker positions), etc. Real-time auralisation of 

indoor and outdoor spaces is expected to become more and more important to architects, urban 

designers, urban planners, decision makers, etc. The possibility will be opened for participative 

sensing and evaluation of environmental sounds and soundscapes by a large group of people, thus 

potentially participating in decision making, mobile television within the VR systems including both 

audio and video immersion, etc.  

Thus, the group of potential beneficiaries from the project outcomes goes far beyond the scientists 

and researchers in the field. As the research is interdisciplinary by nature, any positive development in 

the field opens new possibilities of application to new groups of beneficiaries, from small children to 

adults, from educational purposes to leisure applications, from single assisted aids for disabled to 

participative application that are used by many. 

The impact of the proposed project can be notable and important, having in mind the potential 

usability of auralisation for a wide group of people, i.e. the owners of smartphones. This could involve 

many participants in all kinds of subjective assessment tasks, first coming to mind the question of 

noise annoyance level depending on the soundscape, and VR systems are an ideal platform for this. 

Participation of citizens in policy‐making and evaluation increases involvement in reaching a 

sustainable European society. It can also be the basis for creating European societies of ci tizens, which 

in turn can help strengthen social cohesion. Focusing on the local living environment and on noise can 

be a deliberate choice. In contrast to other environmental components, environmental sounds can be  

easily heard and appraised by people. It is discussed on many internet forums, and can become a point 

of debate: certain sounds are loved by some, and hated by others. 
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6. PILOT STUDY MEASUREMENTS 

Measurements of the quality of head tracking systems have already started. A simplified system has 

been used built out of an Android-based smartphone mounted on top of headphones, thus serving as a 

head tracking device, an open access software for collecting head movement data, and a PC running a 

Matlab-based application for real-time binaural synthesis based on the listener’s head direction. For 

smartphone (head) position measurements, the following IMU sensor data collection apps were used: 

Wireless IMU and freePIE. All used applications are released under ISC and GNU licenses (22). 

6.1 Wireless IMU, freePIE and opentrack 

Wireless IMU sends data from sensors using UDP (User Datagram Protocol) to the computer, 

Figure 3 left. The program supports the collection of data from three sensors: accelerometer, 

gyroscope and magnetometer. The UDP packages are sent as numerical values. The speed of sending 

packages can be set from the slowest 380 ms to the fastest 5 ms. The best results were achieved with 20 

ms because at 5 ms, only every other magnetometer value was sent. The UDP packages are read by a 

Matlab function, and the collected data was further used for calculating the position of the smartphone, 

e.g. the head orientation. 

A screenshot of freePIE (Programmable Input Emulator) is shown in Figure 3 middle. It also 

collects sensor data from the smartphone and sends it to the computer. The freePIE sends packages 

with a speed of 20 ms to 3 ms. The packages can be collected on the computer using the opentrack 

program that processes the data and sends them to Matlab for computing the binaural audio signal.  

 

   

Figure 3. Wireless IMU interface (left), freePIE interface (middle) and opentrack interface (right). 

 

The opentrack program is used for head tracking and sending the data to video games, flight 

simulators, etc., Figure 3 right. It supports PointTracker, Oculus Rift, Arduino, Android, and other 

protocols. Depending on the input types, the data are processed to calculate yaw, pitch and roll of the 

device. These parameters can be sent to specific software (e.g. Microsoft Flight Simulator), they can 

emulate some devices (joystick or mouse), or can be sent further as UDP packages. The opentrack 

sends a package every 100 ms.  

Binaural synthesis is done in Matlab using a code written by the authors for this purpose (22). The 

first step is to choose the required HRIR’s for the binaural synthesis. The CIPIC HRTF database was 

used.  

6.2 Head tracking quality evaluation 

For testing the time required for the execution of the code, a 5-second pure sine signal with 44.1 

kHz sampling frequency was used, generated with MATLAB. The average speed is shown in Table 1. 

From the measurements, it can be concluded that freePIE has a shorter processing time by about 20 ms. 

This is not unexpected because the UDP packages already include information about the orientation, 

so additional processing is not needed. In contrary, the concept of Wireless IMU slows down the 
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execution of the synthesis because of additional processing time required to calculate the position 

parameters. 

The testing of the subjective quality of head tracking was done using short music excerpts sampled 

at a frequency of 44.1 kHz. During the testing, the overlap percentage was varied, the size of the frame, 

the refresh rate of the UDP packages and the speed of head movement.  It was found that the sound 

artefacts became inaudible at approx. 15 % overlap for music excerpts.  

Table 1. Average execution time. 

 Wireless IMU [ms] freePie [ms] 

Average time 5140.3 5121.9 

 

It became clear that the main advantage of the Wireless IMU application is that there are no 

problems in making a full circle, e.g. crossing the azimuth 180°. This is due to the way that only the 

relative change of orientation is coded in the application.  At the same time, the freePIE algorithm 

tracks the head movement much better. Even at fast head movements there are no delays in the sound 

image. The problem occurs only at sharp turns of the head. Then it becomes obvious that the sound 

field needs some time to position in its new direction. 

7. CONCLUSIONS 

This project will focus on research of auralisation implementation in different hardware systems, 

mainly by using binaural technology with an added head tracking system.  The focus will be on head 

tracking systems, namely to investigate the possibilities, limitations, shortcomings and delay of three 

very different hardware platforms that can be used for auralisation in the binaural field. These 

platforms are 1. simple IMU units connected to inexpensive embedded platforms, 2. smartphones that 

already have integrated all needed sensors, and the required computational power, and 3. commercial 

virtual reality systems. 

It is expected that the project will contribute to the scientific community, but also to general 

community and wide beneficiary groups. By showing the possibility to use auralisation with already 

widely available devices, a number of new applications can be expected in many different fields. 

The research is highly interdisciplinary, so any positive development in the field will lead to new 

possibilities of application by new groups of beneficiaries.  
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Abstract
When performing acoustic simulations with the purpose of auralization, there is a trade-off between accuracy
and speed. In real-time simulations of virtual reality, finding the balance of this trade-off is paramount to achiev-
ing the desired result. If successful, the simulation speed is sufficient to provide a seamless acoustic experience
as the agent moves around the space, while still being accurate enough to be realistic. It is generally accepted
that a 20ms update interval for the impulse response is sufficient for achieving proper interactivity in most
applications. However, reaching this threshold without degrading the quality of simulation too badly can be
challenging indeed for complex scenes.
In this paper, a compromise between interactivity (response time) and accuracy is suggested for raytracing simu-
lations. This compromise mimics the behaviour of the listener or the agent, prioritizing speed or accuracy based
on how the agent behaves. When the listener is actively moving around the space, interactivity is prioritized.
When the listener stands still, fully immersing in the experience, accuracy is improved. This is achieved by
exploiting a fundamental truth of Monte Carlo simulations: Convergence improves with more samples.
Keywords: Raytracing, Real-Time, Auralization

1 INTRODUCTION
The VR and AR markets are continuing to grow, and both hardware and computation algorithms are improving
quickly. Sound adapted for headtracking is becoming more and more relevant, and the framework for Ambison-
ics encoding has been on Youtube [1] for years. Despite all these advances, reliable and accurate programs
for simultaneous real-time sound spatialization and localization are scarce, especially when compared to the
corresponding state of the art for visual representations.
There are a number of ways that sound and video can be generated digitally, ranging from offline and static to
real-time and interactive. Using an offline simulation strategy is a good method to achieve impressive quality
and level of detail, and some level of offline simulation or rendering is used in almost all applications for
both auditory and visual aspects. Traditional animated movies are examples of the extreme case, where the
full experience is generated in advance. The issue with doing this is the lack of interactivity. If everything is
generated in advance, in the absence of an agent, there is no way to allow the agent to change the outcome of
the simulation. In the other extreme, with full realtime algorithms, the interactivity is maximal, and any actions
made by an agent can affect the results of the simulation. For interactive medias such as video games, some
middle ground between these extremes is usually the method of choice.
While there are similarities in the principles of how audio and graphics are generated, there are large differences
in practice. Often, the level of precalculation is much higher for the sound field, and the opportunities for
interaction with the sound field at large is quite limited. Indeed, there are few ways of generating plausible
and physically based auralizations in realtime, and most of the commonly used programs focus on only one of
spatialization or localization, rather than the complex interplay between these. As a consequence, most sound
simulations are generated primarily offline, with a fairly low level of interactivity. In order to fully exploit the
advantages of VR and AR, faster and better methods should be developed.
The discrepancy between how the modalities of vision and hearing are treated in interactive media is mirrored
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in how developed the algorithms and hardware for the corresponding simulations are. Dedicated hardware de-
signed specifically for the efficient calculations of graphics simulations are commonplace. However, this offers
advantages also to acoustic modelling strategies, as long as they can exploit the same algorithms used for graph-
ics simulations. One of these algorithms is raytracing, which can be used both for audio and video simulations
and calculations.
This paper is part of an effort in developing a realtime raytracing engine, which can be used to create aural-
izations of complex environments for VR. One of the issues with raytracing is that it is difficult to generate
satisfactory room impulse responses quickly enough for the simulations to be realtime. This paper presents a
method that could potentially be used to mediate the effects of compromise between response rate and quality.
The method is still developing, and some of the foreseen issues in its implementation are presented.
The idea is based on attempting to infer the attention of human agents in an interactive environment, so the first
section will briefly discuss human attention. Subsequently, some background regarding Monte Carlo simulations
in general and raytracing in particular is given. On this foundation, the idea is presented, and some of the
foreseen issues are discussed.

2 AUDITORY ATTENTION
In this paper, it is supposed that agents in an environment will direct their attention to different focal points
at different times. This implies that the agents attend to different discrete objects at different times, but also
that agents’ attention will shift towards or away from different phenomenons or modalities. For example, it is
assumed that an agent who pays close attention to the task of navigating the space will have less of their atten-
tion focused on the acoustic perception of the room (provided they are of normal sensibilities). Understanding
and exploiting the mechanisms of attention can be key to developing more efficient simulation algorithms.
The concept of auditory attention is not new, nor debated. Phenomena such as the cocktail party effect clearly
show that humans are capable of directing their auditory attention to a specific point in space, and there is
research showing that attention can be guided towards specific sound patterns as well [2]. Traditionally, as-
sumptions regarding the focus of attention are made in order to determine what objects or sounds should be
more carefully and accurately modelled.
What is novel in the approach described here is that, rather than inferring what sounds or auditory events
are most important, the aim is to determine when sound in general is more or less important for the overall
experience. This might be possible if there are variations in how much an agent attends to different senses. The
theory of limited attentional bandwidth states that there is a limit to the amount of things humans can attend to
at once. While the concept is debated, evidence supporting it can be found in research regarding things such as
texting while walking. While the limited bandwidth phenomenon seems to be most influential when the tasks
interfer with the same modality, or sense, there is research indicating that deviations from what is expected in
a non-attended modality are more likely to go undetected [4].
If it is true that full attention can not be placed on all aspects of an experience at once, lack of attention
for one aspect can be inferred by increased attention or focus on something else. As an example, if an agent
closes their eyes and stands still, it may indicate an increased attention to the auditory experience. Conversely,
an agent walking briskly towards a specific visual element is likely not attending whole-heartedly to the sound
field. The assumption that this type of interplay exist is the basis for the algorithm suggested in section 4.

3 SOUND SIMULATION WITH RAYTRACING
Ray tracing is a widely used method of sound field simulation. It is theoretically founded on a model stating
that the sound field generated by a sound source can be accurately described using an infinite number of sound
particles, each carrying a finite amount of energy. The sound particles are emitted from the source, according
to its directional characteristics, and when unobstructed travel along straight paths until they are annihilated.
As a sound particle encounters an obstacle, it is reflected in a direction determined by a physically motivated
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distribution. At any given time, the sound field generated by the source can be evaluated by calculating the
energy in the sound field, given by the all sound particles.
This theoretical model becomes useful by virtue of the Monte Carlo framework. It gives a way to estimate the
transfer function between two points by only studying a subset of the infinitely many sound particles. In the
following sections, some comments will be made regarding Monte Carlo simulations.
To avoid ambiguities, in the following sections "source" will refer to a sound source, "listener" to a sound
listener, "emitter" to a simulation object which emits rays and "receiver" a simulation object which can be hit
by rays.

3.1 Some background on Monte Carlo simulations
Monte Carlo simulations are frequently used in many research areas, and are a way to estimate some unknown
stochastic value. This is performed by drawing many samples of random variables which are somehow related
to what should be estimated. In the context of acoustic raytracing for auralization, the goal of the algorithm is
to derive an estimate of the room impulse response based on repeated sampling of ray paths between a sound
source and a sound listener.
The Monte Carlo framework is entirely based on being able to sample the random variables that make up the
end result. The results of the simulation depends entirely on the quality of the calculations used to produce the
random samples, and much of the research in the area is aimed at developing improved sampling strategies. For
acoustic raytracing, the sampling method is the generation of the path of each ray. There are many variations,
some more random and some less. What model is best depends on the sound field and what questions the
simulation aims to answer.
Samples are drawn according to the model distributions until the final estimate can be said to have converged.
If the Monte Carlo simulation is well-designed, it will always converge to the true estimate. Studying how it
converges is the foundation for most methods of error estimation.

3.1.1 Error estimation
As Monte Carlo simulations are a way of estimating the true value of a stochastic variable, it is fundamentally
impossible to know whether the estimate is correct. With this in mind, the method would be useless without
ways of approximately determining the error in the estimate, or without a certain amount of predictability.
One of the most basic, but also quite reliable, ways of knowing if a Monte Carlo simulation is good enough is
to observe how much it varies between runs. Running several iterations of the same simulation and achieving
the same result can then be considered an indication that it has converged. This can be used to estimate how
many samples may be necessary, by running several simulations with a large number of samples and tracking
the estimate over time. The minimum number of samples for which the estimate seems to have converged for
each simulation can be an indication of the number of samples needed for convergence.
This requires that the samples are somehow random. Using a raytracer with a deterministic ray distribution and
no random elements in the scattering will always yield the exact same result after a given amount of samples.
This is true also if the same random seed is used in each iteration.

3.2 Implementation strategies for the raytracer in this project
The development of a raytracing simulation framework requires a number of choices to be made, both regarding
physical model and practical implementation. This paper is written as a part of a larger project, and some
decisions that have been made for the raytracer in this project are discussed here. In particular, the decisions
that should affect the efficiency of the suggested model are discussed.
The raytracer in question implements an algorithm for diffuse rain, meaning that the number of rays can be
reduced significantly compared to traditional raytracing [3]. The diffuse rain model uses some principles from
radiosity theory to modify the way ray paths are sampled. Any time a ray undergoes a scattering reflection, its
energy is dispersed according to some function. Some of this energy is then reflected towards each receiver in
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the space, and the energy that hits a receiver this way is added to the calculated room impulse response. Doing
this should ensure that each emitted ray contributes to the impulse response, and it should increase probability
that important early reflections are included in the calculation. From a Monte Carlo-perspective, the implications
are more complicated. The secondary energy transfer from reflection point to receiver can be considered as a
sample of an additional ray, but this ray is not statistically independent from all other samples. This will change
the distribution of samples in a complicated way, and while it should not introduce any incorrect samples it may
affect the result. In performing the calculations for diffuse rain, it is also important to ensure that the energy
level is preserved throughout the trace.
The room impulse response generated using these simulations are for a given listener-source position combina-
tion. These are symmetric, meaning that transmission from a given source position to one listener position is
equivalent to transmission in the opposite direction, or that the simulation is insensitive to which of these two
positions is used as emitter or receiver. In this particular project, the goal of the simulation is to give a single
listener an experience with several sound sources. For this reason, the raytracing algorithm uses the listener as
ray emitter. Together with the diffuse rain algorithm, this means that a single trace run will give the transfer
function for all the different source positions to the single listener. If there were instead multiple listeners and
few sources, the opposite choice might have been better.
Each ray transmission path yields one sample for the full room impulse response, and the distribution of samples
is governed by many complicated principles. One of the factors which most clearly affect the distribution of
samples is the choice of how the rays are generated, and in which direction they are initially emitted. One
choice is to generate them in a deterministic manor, with the location and direction of each ray determined in
advance. An example would be to generate rays over an equidistant grid on a sphere. If an infinite number
of rays were generated, this would be a good way to approximate an omnidirectional source or listener. In
the more general case, when less rays are used, using a deterministic grid such as the one described above
could introduce systematic errors and may influence error estimation. Instead this project uses an algorithm
which emits rays in a random direction. In the case of an omnidirectional listener, a uniform distribution over
a sphere is used. The distribution of rays can be modified as is needed, to better conform to the requirements
of the simulation and to better match the listener.
When a ray is generated, its direction and its energy should be determined. In this project, each ray has equal
energy. If the object represented by the emitter has some energy directivity pattern, this should be implemented
by varying the probability density pattern of ray generation so that more rays are emitted in this direction.
Doing it this way ensures that each sample is as important for the aggregate simulation response, rather than
letting some path samples be more important without necessarily being more likely. In general, there are many
options for how to generate the ray directions and it is important to consider how the choices may influence
especially the directional patterns of the generated impulse responses.

4 THE SUGGESTED ALGORITHM AND ITS IMPLEMENTATION
After the presentation above, it is time to connect the statements made regarding human attention and the
raytracing algorithm. The interplay between these two aspects of real-time auralization can (and should) be
used to develop better simulation strategies.
The highest demands on update frequency are made when the listening agent is rapidly moving about the space,
as this corresponds to the times when the sound field actually changes between frames. On the other hand,
based on the discussion in section 2, this should correspond to times when the demands on quality are low, as
the agent focuses on interaction. Conversely, the highest demands on auralization quality should coincide with
the times when the demands on update frequency are lowest, for agents moving naturally through the virtual
space.
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Figure 1 – Flowchart illustrating the method of raytracing presented in this paper.

4.1 The suggested framework
The suggested solution is this: If the agent has not moved significantly since the last frame, the impulse re-
sponse used in the previous time step should be updated with the results from a new trace. If the agent has
moved, the impulse response should instead be replaced with the results of a new simulation. A flowchart
showing the algorithm is shown in fig. 1.
This would allow for a smaller number of rays in each time frame. When the agent is not moving, the results
of the simulation is improved over time as more samples are added, which will lead to a high-quality and im-
mersive experience. The update traces are always only intended to improve the results of an already acceptable
impulse response, so there is no hard requirement on how many rays are needed. Any number of rays leads,
on average, to an improved simulation result. In the case of an initial simulation, that is not an update trace,
the requirements must be higher. The results of these traces must be sufficiently accurate to be plausible and
predictable. However, these requirements can be significantly lower if it is not expected that the listener will be
wholeheartedly listening to the sound field.
In conclusion, each iteration of the raytracing algorithm can use fewer rays so as to increase the update fre-
quency, while the simulation as a whole still reaches the optimal quality when needed.
The algorithm as suggested fits well into the Monte Carlo simulation framework, and the basic principles of
simulation stays the same. What it may change, however, is how the demands on quality is translated into
simulation decisions and limitations. For example, it introduces the need for an explicit spatial discretization.

4.2 Spatial and temporal resolution
As much as possible, decisions regarding the simulation algorithm and strategy should be based on what the
required performance is. In this case, this quite clearly includes the spatial and temporal resolution. Since these
are intimately connected by sound propagation speed and the movement speed of the agent, these are discussed
together.
Using the updated framework presented in fig. 1, the update frequency can remain stable and quite short. A
temporal resolution of about 20 ms is usually considered realtime in acoustic contexts, and is consequently
a natural suggestion as a time parameter. The issue with this time is that it is often too short to produce
acceptable results from a raytracer (or other simulation software). As this algorithm is expected to have a lower
demand on what is acceptable, it is possible that the number of rays needed is decreased to where 20 ms is
sufficient. This is not clear at the moment, and in the meantime the other aspects which can affect the needed
response time should also be considered.
If the algorithm should match the behavior of the agent, the resolution constants should also be chosen with
the agent in mind. Human walking speed is approximately 1.4 ms−1. Depending on what spatial resolution is
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needed, which will vary depending on the qualities of the sound field, this number can be used to determine
what temporal resolution is needed. If spatial variations over a distance corresponding to the wavelength for
4 kHz (a common number in room acoustics) should be faithfully represented, the room impulse response should
be updated after about 4.25 cm has been traversed. This corresponds to a time interval of about 30 ms. Of
course, if the sound field is more diffuse, a more sparse resolution may be acceptable. When determining these
factors, simulation results and estimates of the just noticeable differences should be used.
The suggested algorithm introduces an explicit spatial resolution in a way that is not traditionally the case for
realtime simulations. This resolution is introduced to determine when an agent remains still and an update trace
rather than a new trace should be performed. In general, it can not be expected that the agent is in exactly the
same space between frames, as heartbeats, breathing, momentary loss of balance or health issues are likely to
lead to small variations. These types of movements should be allowed within the spatial resolution. In some
sense, this will lead to a spatial discretization, much in the same way as the temporal resolution leads to a time
discretization.
There are two intuitively simple ways of introducing the spatial discretization. One is to precompute a grid
with points in the model that are available to act as emitters or receivers. This method is quite close to what
is often done for offline simulations, where a grid of transfer functions is computed in advance. In those cases,
interpolation schemes are used to estimate the sound field between grid points. Something similar could be done
in the current case, by updating the impulse response from one location by an update trace from an adjacent
locations. The updated response is then a linear combination of the two, similar to what is used in many
interpolation schemes. An issue with the grid-based discretization is that it requires significant computation
beforehand.
The other option is to not generate a grid in advance, but simply replace the impulse response with a new one
if the agent is far enough from the center location of the impulse response. This has the advantage of being
fairly easy to implement, and easily applied to new models. The temporal resolution might need to be finer in
this case, however, as it does not lend it self to interpolation methods as clearly.
The interpretation of updated responses as a linear combination of the previous response and the update trace
is useful also in determining proper methods of energy normalization.

4.3 Energy normalization
In classical ray tracing simulations, rays of a total energy of 1 unit is emitted, corresponding to the total energy
in an ideal impulse. If new rays are emitted as part of an update trace, the total energy level will no longer
be equal to 1, and the response must be normalized. Due to the linearity of the system, this can be done by
simply dividing the response by the total energy emitted. Below, two examples of normalization procedure is
presented.
Assume that a first trace of n1 rays is performed. Each ray has the same energy e0 and the total energy
E1 = n1 · e0 = 1. Further, let ri denote the total energy that reaches the receiver from ray i. Then, the energy at
the receiver after trace 1, denoted R1, is

n1

∑
k=1

rk = R1. (1)

This does not need to be normalized, as E1 = 1. If the impulse response is updated to be the result of n2 rays
with equal energy e0, the new total emitted energy E2 and received energy R2 is

E2 = n1 · e0 +(n2−n1) · e0 = n2 · e0 6= 1, (2)

R2 = R1 +
n2

∑
k=n1+1

rk =
n2

∑
k=1

rk. (3)
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In order to normalize this response to the total emitted energy, the proper normalization factor should be E2.
This gives the normalized energy contribution from ray i

r̂i,2 =
ri

E2
. (4)

This result can be used for auralization but the non-normalized values should be retained. The reason for why
is shown below.
Suppose that the agent has not moved before the next frame, and a third trace should be added. The total
number of emitted rays is n3, and the total emitted energy is E3 = n3 ·e0. With the same notation as before, the
energy received before and after proper normalization is

R3 =
n3

∑
k=1

rk, (5)

R̂3 =
R3

E3
=

n3

∑
k=1

rk

E3
(6)

In this case, there are no issues. If instead the results of trace 3 are added to the normalized results from trace
2, the situation will be different. R3,N denotes the total energy at the receiver, after adding the rays from trace
3 to the normalized value. Then

R3,N = R̂2 +
n3

∑
k=n2+1

rk =
n2

∑
k=1

rk

E2
+

n3

∑
i=n2+1

ri, (7)

with total emitted energy

E3,N = 1+(n3−n2)e0. (8)

Using this as a normalization factor will give a total emitted energy of 1. This gives the expression

R̂3,N =
R3,N

E3,N
= (9)

1
1+(n3−n2)e0

·
n2

∑
k=1

r̂k +
1

1+(n3−n2)e0
·

n3

∑
k=n2+1

rk = (10)

1
1+(n3−n2)e0 ·E2

·
n2

∑
k=1

rk +
1

1+(n3−n2)e0
·

n3

∑
k=n2+1

rk (11)

Studying this expression clearly shows that different normalization factors are used for rays from different traces.
Since the energy level increases with each subsequent trace, this will lead to a weighting where the most recent
rays influences the impulse response more. This may or may not be the intended behaviour. If a grid is
implemented as discussed in the previous section, this could be used to produce an impulse response which
is a linear combination of the responses at two different grid points. Doing so should be done with great
care, and the energy levels must be chosen in a way that provides reasonable coefficients from an interpolation
perspective.
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4.4 Ray generation
As mentioned in section 3.1, the ray generation algorithm is important for the overall behaviour of the algo-
rithm. In particular, the distribution of rays in update traces should be such that the total distribution of rays,
for the combination of all traces, matches the target distribution. If a random distribution is used, it is sufficient
to ensure that the same distribution is used for sampling every trace. The normalization process should ensure
that the energy distribution remains constant.
If a deterministic grid is used, things become more complicated. In order to maintain proper energy distribution,
the distribution of all ray generation points should be considered for each updated trace.

5 PREDICTED ISSUES
While some research in the area of human attention, and some of the practical aspects of raytracing algorithms
suggest that this can be a useful and efficient idea, some problems can be foreseen already.
One relates to the behaviour when the agent is moving very slowly through the environment. As long as the
agent has not moved too far from the initial impulse response, this should lead to an increase in simulation
quality over time. However, at some point the response should be regenerated, as specified by the spatial
resolution, and this could lead to a sudden and perceptible decrease in quality. The other option is that the
response should only be updated, not reset. While the second option would not lead to a sudden change in
sound and sound quality, it could lead to a drift where the impulse response no longer corresponds to the
current location in the environment. Issues such as these could possibly be solved using some sort of moving
average process, like what was discussed in section 4.3, so that the older samples are slowly becoming less and
less relevant. If this should be efficient and still provide the advantages of the algorithm presented in this paper,
however, there is a fine balance to strike regarding about how long each trace should remain relevant. This is a
promising path forward, but more research is needed into how this may be implemented.

6 FURTHER RESEARCH
As this paper presents an algorithm still in its earliest phases, a lot of research remains. As a first step, the
algorithm should be implemented. While some possible issues and some peculiarities are discussed in this paper,
it is likely that more will be uncovered as the work progresses. Presenting the idea to the acoustic community
is also expected to introduce more questions, and more areas of research.
In a first step, subjective small-scale testing should provide some indications of how well the system works, and
in determining what would be reasonable values for temporal and spatial constants as discussed in section 4.
In this paper, only a brief discussion regarding the possibility of implementing some sort of moving average
method is discussed. This could, however, provide a promising future research avenue, and could offer a more
robust performance to what is suggested in this paper.
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ABSTRACT 
This paper evaluates and compares different ways of presenting and experiencing music in six degrees of 
freedom (6DoF) augmented reality (AR). A musical work specifically composed and arranged for 6DoF AR 
consumption was presented to test subjects in three ways; as a stereo downmix from virtual loudspeakers, as 
audio objects and as interactive (movable) audio objects. The audio objects and virtual loudspeakers were 
visualized as icons in the AR scene to help the user to move and interact with the objects. A qualitative and 
quantitative evaluation was conducted with 12 participants to evaluate the quality of each presentation and 
experiencing technique. The participants found the experiences with audio objects to be innovative and most 
captivating. There was clearly a bigger effort and higher mental demand in accomplishing tasks with the 
interactive audio objects when compared to the virtual loudspeakers. Both of the audio object experiences 
were found to be more natural compared to the virtual loudspeaker experience. The overall results indicate 
that generation of rich and specifically tailored content for new realities is valuable and was perceived well 
by the test subjects. 
 
Keywords: Music, 6DoF, Augmented Reality 

1. INTRODUCTION 
The rise of new realities such as AR and Virtual Reality (VR) offer new possibilities for rich media 

experiences. Streaming music services have already changed the way we consume music. Using such 
services, music is quickly accessible regardless of time, place or personal storage limitations. 
Volumetric or six-degrees-of-freedom (6DoF) AR/VR brings a new level of immersion to music 
consumption. So far there has been very little volumetric musical content available, especially content 
that is solely composed and arranged to be used in a 6DoF environment. This is due to the lack of 
standards for representing and rendering such content. This paper studies the experiencing of a 
volumetric musical work in three different ways in augmented reality. The three AR experiences were 
evaluated in a user study with 12 test subjects. 

2. RELATED WORK 
Augmented reality audio experiencing can be done with open back headphones allowing acoustic 

transparency for the real world or with loudspeakers on the headband of a head-mounted device not 
blocking the ears such as in the Microsoft HoloLens devices (1). There are also prototype head-worn 
AR devices which involve capture of the real audio environment and rendering it with minimal latency 
to the user, augmented with synthetic content (2). The benefit of such devices is that they also allow 
control of the real-world sounds, however, the processing needs to happen with extremely low latency.  

Lokki presents some applications for augmented reality audio (3). Examples include notifications 
linked to places in the physical environment; application information such as calendar notifications 
linked to the location of the user, not a physical location in the environment; modifying environmental 
acoustic noise to emphasize certain events; and auditory telepresence. 

Despite the growing commercial interest towards mobile AR, few if any studies have 
systematically investigated these audio experiences. Especially, music experiencing in AR is little 
studied. In a non-mobile scenario with physical loudspeakers, Mueller et al. have studied mid-air 
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interaction with audio objects (4). For audio rendering and user position tracking, they used Wave 
Field Synthesis using a large array of loudspeakers and computer vision tracking, respectively. Their 
system enables direct interaction with sound objects as an alternative to indirect interaction mediated 
with controllers or visual interfaces. The authors propose that the system can be used as a spatial music 
mixing room. 

In a mobile AR scenario, Yang et al. studied synthesizing spatial sounds from arbitrary real objects 
and rendering them directly to the user’s ear pods (5). Their study evaluated the usability and 
usefulness of the system by testing the localization accuracy of users. The authors also suggest that the 
sense of immersion for AR reproduction of notification sounds can be improved by including an 
environment model which adjusts the rendered reverberation time based on an ideal model of the 
environment. 

Some studies present methods of incorporating rendering time acoustics to AR audio rendering. 
Audfray et al. propose an acoustic scene programming model for augmented and mixed reality (6). In 
their model, source properties such as position trajectories and directivities are preauthored while the 
reverberation properties of the rendering room are specified during rendering time. 

Jot and Lee propose an adaptation procedure for modifying a reference binaural room impulse 
response (BRIR) to match the qualities of the reproduction room (7). The reference BRIR is truncated 
and the diffuse reverberation tail is modeled with an artificial reverberator with parameters adjusted so 
that the reverberation characteristics model the rendering environment. The level of the early part of 
the BRIR is scaled according to the local room volume. 

Erkut et al. update the reflection paths of a scattering delay network to match the rendering 
environment geometry (8). Their ongoing work aims to extend their system for rendering acoustics for 
outdoor scenes. 

3. SYSTEM DESCRIPTION 
Our system was implemented as a distributed system running on two devices: a personal computer 

and a mobile phone. The personal computer hosted the audio signals (objects or channels), maintained 
the virtual scene state, and provided the content stream to the mobile device. Custom software was 
implemented for maintaining the virtual scene state such as object position and orientation metadata, 
linking those to audio signals streamed from a digital audio workstation (DAW), and providing a 
stream of audio content and metadata to the client (Figure 1). 

 

 
Figure 1 – The iPhone client visualizing instrument positions as icons 

 
The mobile phone was an Apple iPhone which enables tracking the user position and orientation 

with the ARKit (9). The mobile phone was running head-tracked binaural rendering to reproduce 
spatial audio to the users via headphones connected to its headphone jack. Binauralization was done by 
convolving with non-personalized head-related transfer functions (HRTF). The distance rendering for 
objects utilized dry/wet mixing between a dry object signal and a captured wet signal in addition to 
distance attenuation modeling for creating a distance percept. In this study, we did not adapt the 
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reverberation characteristics to the real environment. Analysis of the importance of modeling real 
world environment acoustics for the different presentation techniques is left for future work. The 
mobile client rendered the visuals of the scene instruments as icons to the user overlaid with a video 
feed of the environment, and enabled interacting with the objects via the touch UI (Figure 1). 

 

4. VOLUMETRIC MUSICAL WORK 
A pop/rock song called ‘Top’ was specifically composed and arranged for AR/VR consumption. 

The problem in using traditional multi-track content is that it is originally produced for a single 
listening point (i.e., a stereo downmix) where the balances between the different instruments are fixed. 
While it is possible to place these tracks into a volumetric scene, moving inside the scene often makes 
the listening experience suboptimal. In this case the balances between the instruments change and the 
overall mix might not sound good. In order to create immersive and volumetric experiences, the user 
should be able to move inside the sound scene to experience it from different locations. However, 
without careful design of the volumetric musical work, the audio experience may not be optimal at all 
locations. 

In order to overcome this problem, the main design principles for the volumetric musical work 
creation were: 

• User movement is encouraged by providing additional content at different regions of the scene 
• Additional content should encourage the user to experience the song multiple times 
• There should be multiple locations in the scene where the mix sounds reasonably good 

(according to the artist preference) 
• Clear contrast between the multiple locations or “zones” in terms of playing style and sounds 
• Cross-talk between different content inside the 6DoF scene should sound good, i.e., the 

neighboring content items should sound good when played together  
• There should be clear baseline instruments keeping the song together and audible everywhere 

This approach resulted in creating a “multiple sweet spot” content, where baseline instruments are 
in the middle and in addition there are multiple regions or “zones” with different instruments. The user 
can explore the different regions to enhance the experience as the harmonic arrangement changes due 
to 6DoF rendering. The possibility of using sound source directionality was taken into account to 
enhance the effect of the different zones. 

The composed song was orchestrated and recorded into a volumetric experience as presented in 
Figure 2. During the recording, separately recorded instrument tracks were played back through 
several loudspeakers placed in a room. Each instrument track was played from a single loudspeaker. 
The audio for the volumetric experience was then recorded using close-up mics placed next to each 
loudspeaker. This setup mimicked a live recording setup, where each loudspeaker represented an 
instrument. 
 

         
Figure 2 – Illustration of the composed “multiple sweet spot” musical work arrangement (left) and the actual 

recording arrangement (right) 
 

In addition to the volumetric experience described above, a stereo downmix was created. The artist 
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selected most of the instrument tracks and created a good sounding overall downmix of the song that 
incorporates elements from all of the zones. 

5. RESEARCH APPROACH AND METHODS 
The research topic was approached through three main research questions: 
 

RQ1: How do the test subjects perceive the three different ways of consuming a musical work? 

RQ2: Which presentation of the content performs best with the test subjects? 

RQ3: How did the test subjects consume the volumetric musical work? 

 
To answer these questions, a qualitative and quantitative user study with 12 participants was 

arranged. Each experiment consisted of three sessions of three different ways of presenting and 
experiencing music in 6DoF AR. The following three 6DoF AR scenes were used in the sessions: 

1. Stereo: a scene with two virtual loudspeakers rendering the stereo mix of the volumetric 
musical work.  

2. Audio Objects: a scene where the instruments were represented with audio objects at 
different positions in the scene. 

3. Interactive Audio Objects: same as the ‘Audio Objects’ scene, but having a possibility of 
repositioning the audio objects via user interaction. 

Each test subject participated in all three sessions, during which they were tasked with finding a 
preferred listening point, i.e., the position and direction where the content sounded best to them. The 
test subjects were first instructed to walk around the whole test area before making their decision on 
the preferred listening position to make sure the whole test scene had been experienced before making 
the selection. Before each test, the test subjects were given a brief verbal description of what to expect 
in the scene (audio objects vs virtual loudspeakers). For the Interactive Audio Objects scene, the test 
subjects were given instructions on how to manipulate the audio objects during the test. No time limit 
was set for the task. The test was conducted in a large open space, roughly 8m by 8m in size, where 
there was plenty of room to move without any obstacles. Half of the test subjects experienced the 
Stereo scene first and the other half the Audio Objects scene. 

The used research method was a combination of observation and a selection of questionnaires. The 
questionnaires were: Visual Symptoms Questionnaire (VSQ), Simulator Sickness Questionnaire 
(SSQ), AttrakDiff, NASA TLX (task load index), and a small customized questionnaire with open 
questions. (10, 11, 12, 13).   

Each subject was asked to fill pre- and post-test VSQs and SSQs to verify the presence and severity 
of possible side effects before and after each session in the experiment. We decided to use VSQ and 
SSQ because we wanted to compare this AR experiment to VR experiments in the future. 

The AttrakDiff questionnaire was used to measure the attractiveness of this interactive system and 
experience. NASA TLX was used to measure the participants’ workload in six categories: Mental-, 
Physical- and Temporal-demand; Performance; Effort and Frustration. The small customized 
questionnaire included feedback related to the appeal and sound quality and open feedback regarding 
the experiences. Each questionnaire was filled before and after each session (Stereo, Audio Objects 
and Interactive Audio Objects). 

All 12 test subjects were male audio-oriented engineers working for Nokia and were aged from 30 
to 45 years old. The participants were selected using convenience sampling where the sample is drawn 
from that part of the population which can be reached easily and conveniently. Participation was 
voluntary with a reward of two movie tickets per test subject. Almost all test subjects had a music 
related hobby, mostly guitar or keyboards.  

6. RESULTS 
In general, the three different experiences were well perceived by the test subjects and they were 

considered to provide new media experiences (RQ1). 

6.1 Preferred listening position selection 
In order to understand how the test subjects consume music in 6DoF, the selection of the test 
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subjects’ preferred listening positions in each of the scenes was monitored (RQ3). 
Figure 3 shows the preferred listening position found by the test subjects. In the Stereo scene 

rendered with two virtual loudspeakers, the preferred listening position for all test subjects lies on a 
line perpendicular to a line between the loudspeakers (Figure 3, left). Furthermore, in all the cases the 
test subjects were facing the loudspeakers in their preferred listening positions.  

When the content was presented as audio objects, the preferred listening positions were more 
varied (Figure 3, middle). The test subjects picked positions in different parts of the scene, mostly 
between the baseline instruments in the center and the instrument groups on the outside of the scene. 
Two test subjects, 3 and 5, selected positions near the edge of the scene. For every test subject, the 
direction in the preferred listening position was towards the center of the scene. Viewing towards the 
center of the scene, where the vocals, bass and cajon were located, results in a mix that resembles a 
traditional stereo mix of a song, where these instruments would often be placed near the center. 

Figure 3 (right) shows the preferred listening positions for the Interactive Audio Objects scene 
where the test subjects could move the audio objects to different positions. Note that the positions of 
the audio objects before they were moved are shown. Some test subjects chose a preferred listening 
position close to the one they selected for the non-interactive audio objects scene; five test subjects 
were within half a meter from the non-interactive scene preferred listening point. Other users 
commented that as the content was rich and there were many good listening points, they wanted to 
experience a slightly different listening position for this task. Selected instruments were moved to 
further enhance the experience. The largest difference in the preferred listening points was 
approximately 4 meters. Most test subjects’ viewing direction was again towards the center of the 
scene. Generally, the test subjects moved the audio objects closer or further away from themselves to 
adjust the mix at the preferred listening position more to their liking. Some test subjects repositioned 
the audio objects so that their positions represented a traditional live band setup, i.e., all audio objects 
in front of the test subject with the vocals and percussion in the middle and the other instruments to the 
sides. The test subjects’ musical hobbies tended to influence how the audio objects were moved. Some 
test subjects with a guitar playing background concentrated on repositioning guitars while the test 
subjects with experience on keyboard playing concentrated on the synths. 

Each test subject went through all three sessions during the same experiment which lasted from 40 
to 60 minutes. Experiencing the Interactive Audio Objects scene took the longest time in average, ~20 
minutes per test subject, whereas the other sessions lasted around 11 to 13 minutes in average. 

 

 

Figure 3 – Preferred listening positions for Stereo, Audio Objects and Interactive Audio Objects, respectively, 

providing insights into RQ3 (The grid cells are 1m by 1m in size) 
 

6.2 Attractiveness of the system 
The AttrakDiff questionnaire was conducted to learn about the attractiveness of the three different 

ways of consuming the musical work in AR (Figure 4). In the questionnaire the word-pairs were in 
random order and half of them were in reverse scale. 
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Figure 4 – AttrakDiff word pairs were rated by the test subjects (RQ1, RQ2) 

 
Most of the statements were ranked to the positive side. The Interactive Audio Objects (i.e, the 

scene where the test subject was able to move the sound sources within the scene) was found slightly 
technical and complicated. This could be explained by the implemented interaction method for moving 
the objects using the mobile device touch display. The test subjects were able to perform the task but 
this particular action had a slightly bigger learning curve compared to experiences where the test 
subjects only physically moved around the scene. Despite the higher learning curve, the Interactive 
Audio Objects experience was rated to be the most captivating and innovative due to the possibility of 
fully customizing the scene (with the cost of extra effort). All of the tested experiences were found 
good and appealing. 

6.3 Perceived workload 
Results from the NASA TLX questionnaire show that there is a bigger effort and higher mental 

demand in accomplishing tasks with the Interactive- and Audio Objects when compared to the Stereo 
(Figure 5). Despite of these two results the test subjects didn’t feel more frustrated, this is supported by 
their positive comments for Interactive Audio Objects. Also, the test subjects performed equally well 
with all three evaluated experiences. 

 

 
Figure 5 – NASA TLX results measuring the test subjects’ workload in six categories 
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A bigger effort is observed when comparing Interactive Audio Objects to Audio Objects. When 

comparing Interactive Audio Objects to Stereo, a bigger physical and temporal demand is observed. 
These results were also supported by the AttrakDiff questionnaire. 

6.4 General questionnaire results 
One questionnaire had three questions: “I was completely captivated by the scene” with 7-point 

Likert scale from Strongly disagree to Strongly agree; and “Scene naturalness” and “Sound quality” 
both with scale attributes from poor to Excellent. Stereo results were lower in all questions (Figure 6). 
All answers were on the positive side and thus the negative scale is not illustrated in Figure 6. 

 

 
Figure 6 – General questionnaire results regarding the experiences (RQ1, RQ2)  

 
The test subjects could also freely comment their experiences with the system. The Stereo session 

was said to be: “Simple, faster to ‘get in to’, but not as exciting and new”. Comments related to the 
Audio Objects and Interactive Audio Objects were positive and describing the experience as being 
more interesting than traditional music listening. Most of the test subjects commented positively 
regarding the opportunity to move around in and explore the rich audio scene. 

Interactivity was considered as a clear advantage in customizing the musical experience based on 
user preferences as the scene contained many alternative instruments to choose from. Moving the 
sound sources inside the scene was considered fun regardless of the extra effort and the Interactive 
Audio Objects was considered as the most interesting presentation of the musical content in this test 
(RQ2). 

6.5 Physical considerations 
Only one of the participants experienced a slight VSQ symptom, dryness. Only five participants 

had slight SSQ symptoms before the experiment, either a general unpleasant feeling or tiredness. One 
subject had both. One subject had 5 symptoms including problems in focusing and in concentrating, 
feel of pressure in the head and the two earlier mentioned symptoms. None of the symptoms got worse 
after the experiment (nor between the sessions), neither the VSQ nor SSQ symptoms. 

7. CONCLUSIONS 
Three ways of experiencing an original volumetric musical work specifically created for 6DoF 

consumption were evaluated in AR using a mobile device: Stereo, Audio Objects and Interactive 
Audio Objects. A user study with 12 subjects was conducted to find out how the test subjects perceive 
the three different ways of consuming the musical work, which presentation was considered the best 
and how did the test subjects consume the musical work in 6DoF in general. All of the three 
presentations were found to be good, but the object-based experiences were preferred over the stereo 
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presentation due to the ability to move around in the scene amongst the instruments and explore the 
rich content in distinct physical locations. The Interactive Audio Objects presentation was perceived 
as the most innovative and captivating, and generally the best out of the three experiences. Details 
regarding the test subjects’ preferred listening positions within each of the three presentations were 
described, and these can help in designing 6DoF musical experiences and systems. The design 
principles of creating a volumetric musical work with multiple sweet spot were outlined, including a 
concept of separating baseline instruments and complementing content zones in a volumetric 
arrangement. 

Potential avenues for future work based on the user feedback and observations include utilizing the 
real scene acoustics into the experience and measuring the experience when the content is consumed in 
different acoustical environments and at different sized physical spaces. Due to the rich nature of 
volumetric musical works like the one designed for this study, it would be valuable to research 
multi-user scenarios and co-experiencing volumetric musical works. This should open new doors to 
even greater experiences that what is available today.  
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ABSTRACT
Head Mounted Displays (HMDs) have become popular for acoustic experiments, such as perceptual comparison
of virtual and real sound sources, or Head Related Transfer Function (HRTF) measurement. However, wearing
an HMD while listening to real sound sources modifies the sound waves that reaches the listener’s ears. In this
work, we study the effect of HMDs on individualized HRTFs. We have collected acoustic HRTF measurements,
with and without the HMD, from 24 human participants and a manikin head, over 612 directions (including
different azimuth and elevation angles). An objective evaluation indicates that, although there are frequency-
dependent directional regions where the distortion caused by the HMD is higher, other regions are less affected
by the HMD. A MUSHRA test with 15 subjects compares individualized HRTFs and a generic HRTF, measured
with and without HMD. The perceptual evaluation reveals a significant effect of the HMD on the measured
individualized HRTF, but it also shows that this effect is significantly smaller than the difference between in-
dividualized HRTFs and a generic HRTF, as indicated by the objective evaluation. This implies that, although
distorted by the presence of the HMD, some of the individualized HRTF characteristics might be preserved
when the HMD is worn.
Keywords: Head-related transfer function, 3D-audio

1 INTRODUCTION
The use of Head Mounted Display (HMDs) is becoming increasingly common in virtual and augmented reality
applications and experiments that involve auditory stimuli. Some examples are: natural listening to real sound
sources while watching video on the HMD; Head-Related Transfer Function (HRTF) measurement processes
while wearing an HMD; or immersive audio experiences in mixed reality environments.
The HRTF represents how the listener’s head, pinna and torso filter the sound before it reaches his/her ears.
The HRTF is an individualized characteristic of the subject and plays an important role in the synthesis of
binaural spatial sound [6]. In the case of sound localization of sources in the horizontal plane, the Interaural
Time Difference (ITD) provides one of the primary cues that determine the perceived location of the sound
[12, 14]. However, for median plane localization, relevant information that allows the user to get elevation cues
is derived from the spectral features of the sound [3].
Wearing an HMD will modify the listener’s HRTF since it diffracts the acoustic waves that travel from the
sound source to the listener’s ears. Some studies have been carried out to evaluate how an HMD affects the
HRTF. Gupta et al [9] presented an analysis of the effect of different HMDs, including the Oculus Rift™
(Rift), on the HRTF for a KEMAR manikin [5] over the horizontal plane. The objective and subjective analysis
revealed noticeable changes in the HRTF spectrum in the 1-16 kHz frequency range. In the case of Rift, the
maximum error was observed at −60° azimuth. Another study that analyzes the distortion caused by HMDs
on the HRTF was presented by Genoveses et al [8]. This work is focused on headsets used for mixed and
augmented reality (more specifically the Microsoft Hololens™ and a Metavision Meta-2™), and presents the
effect of these headsets on a manikin’s HRTF over 200 azimuth and 6 elevation angles around the head. The
analysis shows that non-negligible relevant distortions caused by the HMD are mostly present at the contralateral
anterior quadrant (azimuth 270°-360°) and ipsilateral posterior (azimuth 90°-180°), starting from approximately
3 kHz up to 8 kHz. The effect of other HMDs was very recently published for a Manikin head [7].
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Regarding virtual spatial audio perception while wearing an HMD, Axel et al [2] have recently analyzed the
effect of the HMD on localization accuracy in loudspeaker-based virtual sound environments. Their results show
a reduction in the localization accuracy while wearing the HMD; however, once visual information was added
to the experiment the localization error induced by the HMD was negligible with respect to the localization
accuracy of the presented experiment. These studies show that the effect of the HMD in general, and, more
specifically the Rift, is not negligible and, for specific angles, this should be compensated for [8, 9]. However,
the studied angles are mostly in the horizontal plane with a limited number of elevation angles (between 1
to 6) and with a limited number of subjects. Moreover, in order to gain an insight into how substantial is
the effect of the HMD on an individualized HRTF, it is valuable to evaluate this effect with respect to the
difference between an individualized HRTF and the more commonly used generic (e.g. manikin head’s) HRTF.
Both generic and individualized HRTFs have to be evaluated using the same metrics and with the same system.
Such a comparison is missing in current literature.
In this paper we study the effect of the Rift HMD on acoustically measured individualized HRTFs for 24
subjects. The study compares the individual HRTF (without the effect of the Rift) with the same HRTF with
the addition of the Rift, and also these two individual HRTFs are compared with a generic HRTF. The 24
human subjects and one KEMAR manikin HRTFs were measured in an acoustically treated chamber, over
612 different directions, (36 azimuth angles ×17 elevations angles), without and with the Rift. The effect of
the HMD is objectively evaluated based on the Spectral Difference Error (SDE) and on discrepancies in the
ITD. Analysis of the SDE shows that the distortion of the HRTF magnitude is both frequency and directional
dependent, and bigger disturbances are introduced by the headset at the contralateral directions. Analysis of the
ITD reveals that ITD errors are usually larger around the front side of the head. Finally, a MUltiple Stimuli
with Hidden Reference and Anchor (MUSHRA) test [1] is used to perceptually evaluate the effect of the Rift
on the measured HRTF based on the assessment of 15 subjects. In this test, subjects were asked to evaluate
four different HRTFs: the subject’s individualized HRTFs, without and with the Rift, and generic HRTFs, also
without and with the Rift. The results validate the objective evaluation and show that the effect of the Rift is
perceptible and is significantly smaller than the difference between individualized and generic HRTFs.

2 HRTF MEASUREMENT WITH AND WITHOUT RIFT
HRTFs were measured using a rotating arc-shaped array of loudspeakers that is housed in an acoustically treated
chamber (anechoic down to a frequency of approximately 500 Hz). To conduct the HRTF measurements, the
subjects were positioned in the center of the array in a seated position. Wall-mounted lasers were used to
accurately position the subjects at the center of the apparatus, with the center of the head taken to be the mid-
point of a line connecting the 2 ears. Knowles FG-23329 microphones were placed at the entrance to the ear
canal and embedded in foam earplugs. A chinrest mounted on the base plate of the apparatus was used to help
the subject remain still for the duration of the measurements. The entire platform can be electronically raised
and lowered to make sure that the subjects’ head is positioned at the correct height.
During the measurement, the subjects remained still, and a semi-circular arc mounted with 17 Meyer Sound
MM-4XP loudspeakers was moved manually around them. The loudspeakers range in elevation angle from
−66° to +85° (with spacing of 9°-10° degrees between adjacent loudspeakers) and were sequentially positioned
every 10° in azimuth around the full sphere, yielding a total of 612 measurement directions. The distance from
the center of the apparatus to the front of each loudspeaker was 1.53 meters. 1-second logarithmic sine sweeps
were played from each loudspeaker, ranging in frequency from 200 Hz to 20 kHz at a sampling frequency
of 48 kHz, with a level of 94 dB SPL at the center of the array. During the measurement, subjects wore a
wig cap with several attached infrared-reflective markers, which can be tracked by 10 OptiTrack™, Prime 17W,
cameras mounted on the room’s walls. The subjects’ head position and orientation were tracked during the
measurement, and a warning dialog box appeared in the measurement software (written in Matlab, communicat-
ing with OptiTrack’s Motive software for motion tracking) if the subject exceeded certain movement thresholds.
The measurement sessions described in this study used a three-stage process. Subjects’ HRTFs were measured
first without wearing the Rift. Then, the Rift was placed on the subject (while they tried to remain as still
as possible, keeping their chin on the chinrest), and alignment was checked again using the alignment lasers.
HRTFs were then measured while the subject was wearing the Rift. Finally, the Rift was removed, the subject’s
position was checked with the lasers once again, and HRTFs from all elevation angles at 0° azimuth were mea-
sured for validation. After the HRTF measurements were completed, the chair and chinrest were removed, and
free-field microphone measurements were taken from all loudspeakers in the array (positioned at 0° azimuth) to
both the left- and right-ear microphones, which were aligned to the center of the array with the alignment lasers
and supported with a microphone stand. In post-processing, these free-field sweep responses were deconvolved
from the measured head-related sweep responses to yield head-related impulse responses (HRIRs) and remove
the individual frequency response of the microphones and the loudspeakers. The HRIRs were then windowed
in time to 256 samples, corresponding to a length of 5.3 ms at a sampling frequency of 48 kHz.
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3 EFFECT OF RIFT ON HRTF - OBJECTIVE EVALUATION
This section presents an objective evaluation of the effect of the Rift on the measured HRTF of 24 human
subjects and KEMAR. At the beginning of the section a validation of the measurements is presented. Then, the
SDE and ITD error are used as objective metrics to compare the individual HRTFs, with and without the Rift,
as well as with the generic HRTF. All the computations and graphs in this study use the coordinate system
defined by the AES standard 69-2015 [4], where the azimuth angle ∈ (−180°,180°], is the horizontal angle
in degrees measured counterclockwise from the listener look direction, the elevation angle ∈ [−90°,90°] is the
vertical angle in degrees measured from the horizontal plane.

3.1 Repeatability of HRTF measurement
As mentioned in the previous section, subject’s movement was limited by using a chinrest and alignment lasers.
To quantify the effect of subjects movement and the effect of the Rift on the measured HRTF, the HRTF without
the Rift (HRT FWO) and the HRTF with the Rift (HRT FRi f t ) are compared with the second measurement of the
HRTF without the Rift (HRT FWO2), measured after the HRT FRi f t .
Figure1 shows the three compared HRTF conditions over the front direction for (a) KEMAR and (b) a human
subject. In Fig.1(a) it is noticeable that there is a remarkable effect of the Rift on the HRTF, and that the
difference between HRT FWO and HRT FWO2 is negligible, which implies that the measurement repeatability error
is relatively small. As expected with human subjects, in Fig.1(b) it is noticeable that the difference between
HRT FWO and HRT FWO2 is larger than in the previous case using KEMAR, but it is interesting to note that the
effect of movement seems smaller than the effect of wearing Rift.

Figure 1. HRTF magnitude over the front direction for (a)KEMAR and (b)human subject for the left ear.

3.2 Effect of the Rift on HRTF magnitude
To determine the differences in the HRTF magnitude for the cases without and with the Rift HMD, a compari-
son between the spectrum of both signals has been carried out. The SDE between two HRTFs can be computed
as (Eq. 5.19 in [15]):

SDEWO−Ri f t(Ω, f ) = |20log10
|HRT FWO(Ω, f )|
|HRT FRi f t(Ω, f )|

| (1)

where Ω is the direction angle (azimuth and elevation) and f is the frequency. To study the effect of the
Rift across subjects, the SDEWO−Ri f t(Ω, f ) was computed for each subject and then averaged across subjects
and across frequencies, denoted by SDEWO−Ri f t(Ω). All the computations have been done for both two ears,
however, figures in the paper show only the left ear.
Figure 2 shows the SDEWO−Ri f t(Ω) averaged across a wide frequency bandwidth (0− 16kHz). The horizontal
and vertical axis indicate the azimuth and elevation angles in degrees, respectively. The color map indicates
the SDEWO−Ri f t(Ω) from 0 dB (denoted by the blue color) to 6 dB (denoted by the red color). A higher SDE
value implies larger differences between the HRT FWO and the HRT FRi f t . Figure 2(a) shows the average across
all human subjects and Fig.2(b) shows the SDE for the KEMAR manikin. In these graphs larger errors can be
observed in contralateral directions. Also, comparing the two graphs on the contralateral side for low elevation
angles, larger errors are found for human subjects (Fig.2(a)) than for the KEMAR (Fig.2(b)), which might be
partly explained by subjects’ movement.
In order to analyze the SDEWO−Ri f t(Ω) across different azimuth and elevation angles, while taking into account
that the SDE is also frequency dependent, the averaged SDE was calculated over three different frequency
bands. Figure 3 shows the averaged SDE across three frequency bands: low frequencies (lower than 1 kHz),
mid frequencies (between 1 and 5 kHz) and high frequencies (higher than 5 kHz). In the low frequency band
the HRTF is less affected by the presence of the Rift, due to the fact that the wavelengths are large relative to
the Rift form factor. The effect of the Rift is larger at mid frequencies, and most dominant at high frequencies.
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Figure 2. SDEWO−Ri f t(Ω) averaged across frequency for (a) all human subjects and (b) KEMAR manikin.

Figure 3. SDEWO−Ri f t(Ω) averaged across all subjects and KEMAR for three different frequency bands (a) low
frequency, (b) mid frequency and (c) high frequency.

For mid and high frequencies, the differences between both sides of the listener’s head is easily appreciable. At
the ipsilateral ear (positive azimuth angles range for left HRTF) the errors are lower than at the contralateral
ear. This effect is caused because the sound wave will be obstructed by the headset to get to the contralateral
ear, which is not the case with the ipsilateral ear, where the direct path is not affected. A symmetrical effect
also occurs with the right-HRTF.
Different factors, such as the effect of the Rift’s presence, the effect of subject movements, and the measurement
system repeatabilily contribute to the SDE values that are presented in Fig. 3. In order to evaluate the part of
the effect due to the Rift in this overall error, SDEWO−Ri f t is compared to SDEWO−WO2.
Figure 4 shows the SDE averaged across all directions for a specific subject. The vertical axis shows the
SDE value and the horizontal axis the frequency value. Even taking into account the errors introduced by the
movement of the subjects, the graph shows that the SDEWO−Ri f t is larger than the error caused by the subject
movements (SDEWO−WO2). In addition, the difference between the Individualized-HRT FWO and the Generic-
HRT FWO suggests that this difference is larger than the effect caused by the Rift. This implies that, although
the values of SDEWO−Ri f t are relatively large, it still preserves some of the individualized characteristics of the
HRTF. Similar results were obtained for other subjects as well.

Figure 4. SDE averaged across all direction for one subject. SDE was calculated for three pairs of HRTFs

3.3 Effect of Rift on ITD
ITD was calculated using the method presented by Katz [11], where it is estimated by determining the time
when the result of the correlation between the right and the left HRIRs reaches its maximum. For each subject,
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the ITD error was calculated as the absolute value of the difference between the ITD of the HRTF without the
Rift and with the Rift for each direction. Then, to get an estimation of the effect across subjects, the average
was estimated as shown in Equation 2, where N is the number of subjects:

IT Derror(Ω) =
1
N

N

∑
i
|IT DWOi(Ω)− IT DRi f ti(Ω)|. (2)

Figure 5 shows the average ITD error for different azimuth angles (horizontal axis) and different elevations
(vertical axis), where the color map shows the IT Derror(Ω) values in µs. The figure shows how the Rift

Figure 5. IT Derror averaged for all subjects and KEMAR

affects the ITD and how the distortion is larger for frontal directions, where IT Derror(Ω) is above 50 µs. More
specifically, this error can be found in two regions, one on the front-left side of the listener’s head for angles
with azimuth between 30° and 80° and elevation between 0° and 30°, and the other on the symmetrical one on
the right-front. These regions correlate with the headset size and shape. There is also a non-negligible error for
angles at −100° and −110° azimuth and 0° and −10° elevation. In addition, a symmetrical effect is evident on
the other side of the listener’s head. These discrepancies between the IT DWO and IT DRi f t can be explained, by
shadowing, diffraction and by reflections caused by the presence of the Rift.

4 PERCEPTUAL EVALUATION
To investigate the effect of the Rift on the perception of sound by a listener, a subjective evaluation was
performed. A MUSHRA test, defined in ITU-R BS.1534-3 recommendations for advanced sound systems [1],
was carried out, where participants evaluated their individualized HRTF and the generic HRTF, both without and
with the Rift, denoted as: Individualized-HRT FWO, Individualized-HRT FRi f t , Generic-HRT FWO, and Generic-
HRT FRi f t . The Individualized-HRT FWO was chosen to be the reference (labeled and hidden reference) as it
is considered to produce the highest perceived quality. An anchor was not used in this study. The main
reason for this was to avoid the consequences of biasing or compressing the differences between test signals
due to an inappropriate anchor. The MUSHRA test was chosen because it allows the subjects to compare all
tested conditions on the same trial, and provide feedback regarding their perceptible similarities and differences.
Moreover, this type of perceptual test is suitable for evaluation of intermediate audio quality [1].

4.1 Material and methods
The MUSHRA test recommendation specifies that the experiment population must be composed of experienced
listeners, due to their ability to detect subtle artifacts in different sounds. Hence, 15 experienced participants
(13 males and 2 females) were chosen from the pool of 24 subjects whose HRTF was measured and analyzed
in the previous sections. Two subjects were excluded in a post-screening due to frequently rate of the hidden
reference as though it were significantly impaired [1]. The GUI used during the test was developed in Matlab
and the audio was played back via an RME Fireface and DT 990 PRO-250 OHM headphones (headphones
compensation filter was not applied).

4.1.1 Tested Conditions
The tested conditions in this perceptual evaluation include all combinations of three independent variables:
HRTF type, stimulus (i.e. audio material), and source direction. For each condition the sound quality was
evaluated based on two attributes (dependent variables).
The 4 tested HRTF types were: Individualized-HRT FWO, Individualized-HRT FRi f t , Generic-HRT FWO, and Generic-
HRT FRi f t . All were measured with the same system, described in section 2.
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In order to evaluate signals with different spectral content, 3 different stimuli were tested: female speech record-
ing [10]; pink noise - a sequence of 4 broadband noise bursts with a length of 750 ms with 500 ms of silence
between them, each noise pulse was faded in and out with a 50 ms raised cosine window; and Guitar recording
[10].
As the effect of the Rift on the HRTF was found to be direction dependent, 3 different directions were tested:
[azimuth,elevation]=[60°, 0°], [60°, 30°], and [−15°, 45°]; these directions where chosen considering the direc-
tions with large and medium errors obtained in the objective evaluation (see Fig. 2).
Following the MUSHRA test recommendations[1], two attributes were evaluated: (1) Timbre quality, which is
used to judge all detected differences in timbral impression, e.g. brightness, tone colour, coloration, clarity,
hardness, equalization, or richness between the reference and the evaluated condition; (2) Localization quality,
which is used to judge whether the perceived location of the virtual sound source is the same as the one of the
reference.

4.1.2 Procedure
The MUSHRA test procedure consists of two sessions: a training session and the assessment session.
At the beginning of the test subjects perform a training session. In this session, all combinations of HRTF type
and stimulus that are experienced during the assessment session are exposed to the subjects. Subjects can spend
as much time as they wish in this part, until they feel confident with the signals. In this session, the four HRTF
type conditions for the three stimuli are presented, for direction [60°, 30°]. This direction was chosen because,
according to the objective evaluation, it is the one that shows the largest differences between the conditions.
Subjects were asked to modify the volume of the signals at the beginning of the test at their convenience.
The assessment session is divided into two parts, one part for each attribute, presented sequentially. During
the first part, the timbre quality attribute is evaluated and in the second part, the localization quality attribute
is evaluated. In each MUSHRA-screen the differences between the four HRTF type conditions were evaluated,
for a single pair of stimulus and direction, ordered randomly. In total 18 MUSHRA-screens were evaluated by
each subject (2 different attributes, 3 different stimuli and 3 different source directions).
During each MUSHRA-screen, subjects are presented with the labeled reference and four HRTF type condi-
tions: three test samples, and a hidden version of the reference, all of them presented in random order. The
labeled and hidden reference corresponds to the Individualized-HRT FWO, while the other three correspond to
the Individualized-HRT FRi f t , Generic-HRT FWO, and Generic-HRT FRi f t . Each subject is asked to provide a
score between 0 and 100 for the four conditions, according to how similar each condition is to the reference.
When assessing the conditions, subjects can switch instantaneously between conditions and the labeled reference
while listening.
To allow the subjects to become familiar with the test setup, a practice MUSHRA-screen test is carried out at
the beginning of each part, where the same format as the actual assessment part is presented. In this case, pink
noise placed at 60° azimuth and 30° elevation is used as the stimulus, since this signal aids the assessment of
small impairments and helps to find the hidden reference. Subjects are not able to pass this practice MUSHRA-
screen until they identify the hidden reference by ranking it with a score of 100.

4.2 Results
In total, 36 conditions were statistically tested in a three factorial repeated measure multivariate ANOVA (anal-
ysis of variance) design, with factors: HRTF type (Individualized-HRT FWO, Individualized-HRT FRi f t , Generic-
HRT FWO, and Generic-HRT FRi f t ); stimulus (Female speech, Pink Noise, Guitar); and direction ([60°, 0°], [60°,
30°], and [−15°, 45°]). These conditions were evaluated using two dependent variables, which are the tested
attributes (timbre quality and localization quality).
Figure 6 shows the listening test results for all tested conditions, for all subjects and for the two tested attributes
by means of box plot. Ratings reveal that, in most cases, subjects rate the Individualized-HRT FWO with 100
(as expected for the hidden reference). The median rate for Individualized-HRT FRi f t is lower than the refer-
ence Individualized-HRT FWO for all tested conditions, which implies a detrimental effect of the Rift presence
on the individualized HRTF. In addition, it is interesting to note that the ratings for generic HRTF condi-
tions (both Generic-HRT FWO and Generic-HRT FRi f t ) are consistently lower than the ratings for Individualized-
HRT FRi f t when comparing the median rating of the same direction-stimulus pair. This result may imply that
the Individualized-HRT FRi f t is perceived by subjects to be closer to the reference Individualized-HRT FWO than
the generic HRTF conditions. It is also noticeable that with the pink noise stimulus the differences in median
ratings between Individualized-HRT FWO, Individualized-HRT FRi f t and the generic HRTF conditions were the
greatest.
To analyze the significance of the main effects and interaction of the tested factors on timbre quality and lo-
calization quality, the multivariate repeated measure ANOVA approach was used. The reason for not using the
univariate approach with Huynh-Feldt correction was that, for some factors, the Huynh-Feldt ε̃ was lower than
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Figure 6. Ratings for all test conditions. Ratings are grouped by HRTF type and stimulus as indicated in
the labels. For each group three tested directions are presented: left to right - [60°,0°], [60°,30°], [−15°,45°].
The box bounds the interquartile range (IQR) divided by the median, and Tukey-style whiskers extend to a
maximum of 1.5IQR beyond the box [13]. Ratings for (a) Timbre quality (b) Localization quality

the recommended threshold of ε̃ > 0.85 [1]. The multivariate tests show a highly significant (p < 0.001, Pillai’s
trace) main effect of the HRTF type and the stimulus, on both timbre quality and localization quality. The first-
order interaction between stimulus and HRTF type is also highly significant with (F(6,7) = 19.14, p = 0.001) and
(F(6,8) = 7.57, p = 0.006) for timbre quality and localization quality, respectively. A significant effect was also
found for the direction (F(2,11) = 6.7, p = 0.013) and (F(2,12) = 9.4, p = 0.003) for timbre quality and localization
quality, respectively, but no significant effect for the interaction of direction with other factors, except for the
interaction between direction and HRTF type on localization quality (F(6,8) = 5.862, p = 0.013). Requirements
for normality were met for most of the factor combinations. In some cases with Individualized-HRT FRi f t a
significant deviation from normality was observed, which was probably due to a large number of high rankings
(e.g. 100), which resulted in substantial negative skew of both the data and the residuals (extreme values were
skewness < −1.5, kurtosis > 4). Attempting to correct for this skewness by means of Log10 correction was
not successful (resulted in other conditions that did not meet the normality requirements); the raw data was,
therefore, left unchanged. For a detailed analysis of the main effects, pairwise comparisons with Bonferroni
correction were performed.
The result of main interest is that the perceived difference between Individualized-HRT FRi f t and all other HRTF
types was highly significant (p≤ 0.001) for both timbre quality and localization quality. These results may sug-
gest that (1) the effect of the Rift on an individualized HRTF is perceived as a significant difference in source
timbre and source direction (with a score lower by more than 17 points than for the Individualized-HRT FWO);
(2) although significant, the perceived effect of the Rift on an individualized HRTF is smaller compared to the
perceived difference between and individualized HRTF and a generic HRTF (Individualized-HRT FRi f t received
a mean score that was higher than the generic HRTF conditions by more than 14 points). These results may
imply that, although the detrimental effect of the Rift on the individualized HRTF is significant, some character-
istics of the individualized HRTF are still preserved, which makes the Individualized-HRT FRi f t to be perceived
closer to the true Individualized-HRT FWO than the Generic-HRT FWO.
Regarding the effect of the stimulus (type of audio material), it was found that when using pink noise the
perceived quality of the tested conditions was significantly lower (p < 0.001) than when using the speech or
guitar stimuli. In addition, it was found that the interaction between stimulus and HRTF type was ordinal (i.e.
the main effect remains unambiguous) and that the perceived quality of the tested HRTF types were lower with
pink noise than with the speech or guitar stimuli. The interaction between stimuli and HRTF type, and the fact
that with pink noise scores were lower, can be explained by the fact that stimuli with richer frequency content
may assist in detecting differences in both timbre quality and localization quality.
The only direction that yielded significantly higher score than the other directions was [−15°, 45°] for localiza-
tion quality. For the other two directions no significant difference was observed. This can be explained by the
fact that ITD for directions [60°, 0°] and [60°, 30°] was found to be much larger than for [−15°, 45°]. It is
not possible to generalize this result to other directions, but it gives some indication of the relation between the
objective evaluation and the subjective results.
In addition to the MUSHRA test results, an informal questionnaire was filled by the subjects at the end of the
test. Subjects rated from 0 to 5 the two following questions: (a) when rating timbre quality, how dominant was
the difference in low, mid and high frequencies?; and (b) when rating localization quality, how dominant was
the lateralization, the elevation, and the externalization? Average rating for each question indicates that subjects
selected high frequency as dominant to the assessment of timbre quality (4.4), followed by mid frequency (3.5)
and low frequency with the lowest score (2.3), which fits the objective analysis, where the largest differences
were observed at high frequencies. Regarding localization quality ratings, subjects found the lateralization to be
the most dominant cue (3.9), followed by the elevation (3.3), and finally, the externalization (2.3).
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CONCLUSIONS
This paper investigates the effect of an HMD, more specifically the Oculus Rift™, on individualized HRTFs
for multiple directions. The HRTFs were acoustically measured on 24 subjects and one KEMAR manikin.
The effect was studied, comparing the HRTF for each subject with and without the Rift. From the objective
evaluation we can map the directions where the effect of the Rift on the HRTF is larger, taking into account
the ITD error and the SDE. A subjective evaluation validates the objective study and reveals that the effect of
the Rift on the individualized HRTF is significant in the tested directions. However, according to the subjects’
assessments, they find more similarities, in terms of the timbre and localization quality, between their individual
HRTF and their individual HRTF while wearing the Rift than between their individual HRTF and the generic
HRTF. This may imply that, although the effect of the Rift on an individual HRTF is significant, there are still
some characteristics of the individual HRTF that are preserved.
These findings suggest that compensation for the effect of the Rift on an individual HRTF should be applied
in experiments that include a subject that is wearing a Rift and a real sound source (such as an external
loudspeaker). It would be very interesting to extend the subjective study with a comprehensive localization
experiment, to see how the distortion introduced by the Rift affects the perceived location of a source in specific
directions.

ACKNOWLEDGEMENTS
We thank our colleagues from Facebook Reality Labs, Alex Gustafson, Chris Hanson, Kamilah Uddin, Owen
Brimijoin, Pablo F. Hoffmann, Paul Solis and Vamsi Krishna Ithapu, who provided insight and expertise that
greatly assisted the research and improved the manuscript.

References
[1] ITU-R BS. 1534-3: Method for the subjective assessment of intermediate quality level of audio systems,

October 2015.
[2] A. Ahrens, K. D. Lund, M. Marschall, and T. Dau. Sound source localization with varying amount of

visual information in virtual reality. PloS one, 14(3), 2019.
[3] F. Asano, Y. Suzuki, and T. Sone. Role of spectral cues in median plane localization. The Journal of the

Acoustical Society of America, 88(1):159–168, 1990.
[4] I. AUDIO ENGINEERING SOCIETY. AES standard for file exchange - Spatial acoustic data file format

Users. Technical report, Audio Engineering Society Inc., New York, New York, USA, 2015.
[5] M. D. Burkhard and R. M. Sachs. Anthropometric manikin for acoustic research. The Journal of the

Acoustical Society of America, 58(1):214–222, 1975.
[6] C. I. Cheng and G. H. Wakefield. Introduction to head-related transfer functions (hrtfs): Representations

of hrtfs in time, frequency, and space. In Audio Engineering Society Convention 107. Audio Engineering
Society, 1999.

[7] A. Genovese and A. Roginska. Hmdir: An hrtf dataset measured on a mannequin wearing xr devices.
In Audio Engineering Society Conference: 2019 AES International Conference on Immersive and Interactive
Audio, Mar 2019.

[8] A. Genovese, G. Zalles, G. Reardon, and A. Roginska. Acoustic perturbations in hrtfs measured on mixed
reality headsets. In Audio Engineering Society Conference: 2018 AES International Conference on Audio for
Virtual and Augmented Reality. Audio Engineering Society, 2018.

[9] R. Gupta, R. Ranjan, J. He, and G. Woon-Seng. Investigation of effect of vr/ar headgear on head related
transfer functions for natural listening. In Audio Engineering Society Conference: 2018 AES International
Conference on Audio for Virtual and Augmented Reality. Audio Engineering Society, 2018.

[10] V. Hansen and G. Munch. Making recordings for simulation tests in the archimedes project. J. Audio Eng.
Soc, 39(10):768–774, 1991.

[11] B. F. Katz and M. Noisternig. A comparative study of interaural time delay estimation methods. The
Journal of the Acoustical Society of America, 135(6):3530–3540, 2014.

[12] J. Licklider and J. Webster. The discriminability of interaural phase relations in two-component tones. The
Journal of the Acoustical Society of America, 22(2):191–195, 1950.

[13] J. W. Tukey. Exploratory Data Analysis. Addison-Wesley Pub. Co., 1977.
[14] F. L. Wightman and D. J. Kistler. The dominant role of low-frequency interaural time differences in sound

localization. The Journal of the Acoustical Society of America, 91(3):1648–1661, 1992.
[15] B. Xie. Head-related transfer function and virtual auditory display. J. Ross Publishing, 2013.

2642



Spatial upsampling of sparse head-related transfer function sets
by directional equalization - Influence of the spherical sampling scheme

Johannes M. AREND(1)(2)†, Christoph PÖRSCHMANN(1)

(1)Institute of Communications Engineering, TH Köln, D-50679 Cologne, Germany,
(2)Audio Communication Group, TU Berlin, D-10587 Berlin, Germany

†Corresponding author, E-mail: johannes.arend@th-koeln.de

Abstract
Many immersive audio applications rely on a dense set of head-related transfer functions (HRTFs). However,
often only measurements on a specific sparse grid are available. To obtain dense HRTF sets from sparse mea-
surements, one common approach is to apply spatial interpolation in the spherical harmonics (SH) domain.
However, the SH representation of sparse HRTF sets is order-limited, leading to spatial aliasing and truncation
errors. In a recent publication, we presented the so-called SUpDEq method (Spatial Upsampling by Directional
Equalization) for spatial upsampling of sparse HRTF sets. The approach is based on a directional equalization
of the sparse set prior to the spherical Fourier transform to remove direction-dependent temporal and spectral
components. This significantly reduces the spatial complexity of the sparse set, allowing for an enhanced inter-
polation at reduced SH orders. In this study we investigate how different spherical sampling schemes affect the
performance of common SH interpolation and the SUpDEq method. For this, we compare spatially upsampled
HRTF sets originally based on sparse equiangular, Gaussian, Lebedev, and Fliege grids at various SH orders to a
reference. The influence of the different grids are assessed spectrally, temporally, and with localization models.
Keywords: Head-Related Transfer Functions (HRTFs), Spatial Audio, Spherical Harmonics

1 INTRODUCTION
Human sound source localization is based on binaural cues, i.e. interaural time differences (ITDs) and interaural
level differenes (ILDs) between both ears, as well as on monaural cues, i.e. spectral distortions of the incoming
sound caused mainly by the listener’s pinna, head, and torso. Head-related transfer functions (HRTFs) contain
these binaural and monaural cues and thus describe the sound incidence from a source to both ears [5].
For headphone-based virtual acoustic environments (VAEs), a set of HRTFs is essential. Ideally, such a set
should include individual HRTFs for a large number of directions, typically measured on a sphere around a
listener. However, measuring so-called dense sets of individual HRTFs requires special equipment, experience
in handling the equipment and, depending on the measurement approach, can also be time-consuming (see e.g.
[6]). For this reason, it seems appealing to measure only a small number of HRTFs on a sparse spherical
sampling grid with a simplified measurement system, and to apply a specific interpolation or spatial upsampling
method afterwards to generate a dense HRTF set with perhaps thousands of directions.
One popular approach for spatial upsampling is interpolation in the spherical harmonics (SH) domain. For this,
an HRTF set captured on a spherical sampling scheme (also simply called spatial grid) is first transformed to the
SH domain applying the spherical Fourier transform (SFT). The resulting spatially continuous representation of
the HRTF set in the SH domain allows for interpolation, i.e. an HRTF for any desired direction can be obtained
by means of the respective inverse spherical Fourier transform (ISFT) [13]. However, the SH representation
and interpolation of sparse HRTF sets suffers from so-called sparsity errors, which is a combination of spatial
aliasing and truncation errors [3]. For this reason, various pre- and post-processing methods have been proposed
to reduce the sparsity error and thus to improve SH interpolation of sparse HRTF sets (see e.g. [7]).
Within this scope, we presented the SUpDEq method (SUpDEq - Spatial Upsampling by Directional Equal-
ization) as a pre- and post-processing approach allowing improved SH interpolation of sparse HRTF sets [11].
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In the respective paper, we examined the performance of the SUpDEq method regarding spectral and temporal
features as well as concerning modeled localization performance of reconstructed HRTFs and showed that the
approach clearly outperforms common SH interpolation in terms of these features. However, as the analysis was
based only on the Lebedev sampling scheme [9], the present paper now provides further evaluation investigating
the influence of various (sparse) spherical sampling schemes on the performance of the SUpDEq method. As
the aliasing error strongly depends on the sampling scheme [3], this evaluation is of particular interest to ensure
the general applicability of the proposed upsampling method.
In this paper, we therefore compare spatially upsampled HRTF sets originally based on sparse equiangular,
Gaussian, Lebedev, and Fliege grids [13, Ch. 3][9][8] at various spatial orders N to a dense reference HRTF
set. Similar to the evaluation in [11], we assess the impact of the grids on the spatially upsampled HRTF
sets spectrally, temporally, and by means of localization models. To anticipate some of the results, the analysis
showed that the sampling scheme has very little, if any, influence on the performance of the SUpDEq method.

2 SPHERICAL SAMPLING SCHEMES
A set of HRTFs is commonly measured at discrete points on a surrounding sphere according to a spherical
sampling scheme. Such a full-spherical HRTF set can be transformed to the SH domain with the discrete SFT.
The sampling schemes investigated in this paper provide closed-form expressions to calculate SH coefficients,
whereas SH coefficients for arbitrary sampling configurations can be computed by an inversion of the respective
SH matrix [13, Ch. 3]. The latter is however not further discussed here. Given a spherical sampling scheme L
with a closed-form expression, the spherical HRTF set H(ω,Ωq) for the left and right ear (indices for left and
right are omitted here and in the following for ease of display) can be described in the SH domain by the SH
coefficients hnm(ω) that are computed with the discrete SFT [13, p. 58]

ĥnm(ω) =
QL

∑
q=1

βq H(ω,Ωq)[Y m
n (Ωq)]

∗, (1)

with the temporal frequency ω , the QL directions Ωq = {(φ1,θ1), . . . ,(φQ,θQ)} at azimuth φ and elevation θ , and
the sampling weights βq depending on the sampling scheme L. The notation (·)∗ denotes complex conjugation
and Y m

n are the complex SH functions of order n and degree m. The ISFT can be applied to recover H(ω) at
arbitrary angles allowing for SH interpolation [13, p. 17]

Ĥ(ω,Ω) =
N

∑
n=0

n

∑
m=−n

hnm(ω)Y m
n (Ω) , (2)

where N is the spatial order (also referred to as SH order). As discrete sampling of a function with infinite order
induces spatial aliasing and truncation errors, the SH coefficients are only error-free up to a specific scheme-
dependent order NL. If the function sampled on the sphere is strictly order-limited, a sampling scheme providing
a sufficient order NL results in hnm(ω) = ĥnm(ω). Similar, H(ω) = Ĥ(ω) holds if N is chosen appropriately.
The maximum resolvable order of the sampling scheme NL is generally defined by the number of directions (or
sampling points) QL and by the way the sampling points are distributed around the surface of the sphere. This
relationship can be expressed by QL ≥ η(N+1)2, with η describing the efficiency of the sampling scheme [12].
The SH order of an HRTF set however increases as the frequency increases, following the relation N ∼ kr, with
k the wavenumber and r the radius of a sphere surrounding the head [11][3]. Assuming an average human head
radius of r = 8.75cm, a minimum SH order N = 32 is required to perform a nearly perfect SFT, ISFT, and thus
SH interpolation of HRTFs for frequencies up to 20kHz.
In research, various schemes have been developed in order to sample the sphere with the highest possible
accuracy and efficiency. A good overview on different sampling approaches in the context of spatial audio can
be found for example in [13, Ch. 3]. For this study, we focused on four different frequently applied schemes,
namely the equiangular, Gaussian, Lebedev, and Fliege grids. The equiangular grids have a uniform distribution
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of samples along φ and θ , with both angles sampled at 2(N+1) locations, requiring 4(N+1)2 samples in total
[12]. The Gaussian grids require only 2(N+1)2 samples, as the elevation θ is only sampled at (N+1) locations,
resulting in a nearly-uniform distribution of samples along both angles [12]. However, the equiangular and the
Gaussian sampling schemes do not provide uniform distributions of sample points on the surface of the sphere.
The Lebedev and Fliege schemes however offer nearly-uniform distribution of samples around the surface of
the sphere, with the advantage that even less sample points are required to reach a specific SH order. Thus,
the Lebedev grids require approximately 1.3(N + 1)2 samples whereas the Fliege grids only require (N + 1)2

sample points [12][13, Ch. 3]. Figure 1 shows the four introduced grids on the sphere, exemplarily of SH order
N = 7, resulting in 256 points for the equiangular grid (a), 128 points for the Gaussian grid (b), 86 points for
the Lebedev grid (c), and 64 points for the Fliege grid (d).

(a) (b) (c) (d)

Figure 1. Equiangular (a), Gaussian (b), Lebedev (c), and Fliege (d) sampling schemes of SH order N = 7.

3 SPATIAL UPSAMPLING BY DIRECTIONAL EQUALIZATION (SUpDEq)
The following section gives a brief overview of the basic concept behind the SUpDEq method, as illustrated in
the block diagram in Fig. 2. Further details on the implementation and evaluation can be found in [11]. Basi-
cally, the approach aims at enhanced SH interpolation and spatial upsampling of sparse HRTF sets. To achieve
this, a sparse HRTF set H(ω,ΩS) measured at S sampling points Ωs = {(φ1,θ1), . . . ,(φS,θS)} is equalized di-
rectionally by spectral division with an appropriate equalization dataset DEQ(ω,Ωs) before the SFT:

HEQ(ω,Ωs) = H(ω,Ωs)/DEQ(ω,Ωs) . (3)

As a rather good and established approximation of a human head, direction-dependent rigid sphere transfer
functions for an incident plane wave [13, p. 44] are used as the equalization dataset. The spherical head
model should match the respective human head as best as possible. As a first and easy to implement approach,
the radius of the sphere is calculated according to the physical dimensions of the head [1] and the ears are
positioned at φ = ±90◦ and θ = 0◦ on the sphere. Using a spherical head model also has the advantage that
it can be described analytically, which allows the calculation of the rigid sphere transfer functions at high SH
orders Nhigh ≥ 32. The directional equalization described in Eq. (3) significantly reduces the spatial complexity
of the sparse HRTF set, therefore minimizing the required SH order for the SFT. The reason for the decrease
of the SH order is that on the one hand, the equalization leads to a time-alignment of the HRTFs, similar to a
re-centering, and on the other hand, direction-dependent influences of the sphere or the head are compensated.
After equalization, the equalized HRTF set HEQ(ω,Ωs) is transformed to the SH domain with the SFT (Eq. (1))
at a low SH order Nlow according to the maximum resolvable SH order of the spare sampling scheme. Then, an
upsampled (equalized) HRTF set ĤHRTF,EQ is calculated on a dense sampling grid Ωd = {(φ1,θ1), . . . ,(φD,θD)},
with D� S using the ISFT (Eq. (2)). Finally, HRTFs are reconstructed with a subsequent de-equalization by
spectral multiplication with an appropriate de-equalization dataset DDEQ:

ĤDEQ(ω,Ωd) = ĤEQ(ω,Ωd) ·DDEQ(ω,Ωd) . (4)

Again, rigid sphere transfer functions for an incident plane wave can are used as the de-equalization dataset.
In general, the de-equalization recovers energies at higher SH orders that were transformed to lower orders by
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Figure 2. Block diagram of the SUpDEq method. Left panel: A sparse HRTF set is equalized on the cor-
responding sparse sampling grid and then transformed to the SH domain with N = Nlow. Right panel: The
equalized set is de-equalized on a dense sampling grid, resulting in a dense HRTF set.

the equalization. Similar as described in Sec. 2, H = ĤDEQ holds if, in this case, Nlow is sufficient for the SFT
of HEQ and Nhigh is chosen appropriately. Otherwise, spatial aliasing and truncation errors occur, resulting in
H ≈ ĤDEQ. The following section now analyzes the performance of the SUpDEq method with respect to the
sparse sampling scheme underlying the input HRTF set in comparison to common SH interpolation.

4 INFLUENCE OF THE SAMPLING SCHEME
In our previous publication [11], we investigated the performance of the SUpDEq method for two different
dummy heads, but only for Lebedev grids of different SH orders. To further ensure the general applicability of
the SUpDEq method, the present paper now focuses on the influence of the spherical sampling scheme under-
lying the sparse input HRTF set. As a reference set, we used HRTFs of a Neumann KU100 dummy head that
were measured on a Lebedev grid with 2702 sampling points [4]. This reference HRTF set was transformed to
SH domain at N = 35, further referred to as hREF,nm. The various sparse HRTF sets required as input data were
generated by spatial subsampling of the reference set hREF,nm to the respective sparse equiangular, Gaussian,
Lebedev, or Fliege grids of (limited) SH orders N = 1− 15 applying the ISFT. Next, these sparse HRTF sets
were spatially upsampled to a dense sampling grid (again the Lebedev grid with 2702 sampling points, further
abbreviated Lebedev2702), applying the SUpDEq method as well as (order-limited) SH interpolation without any
pre- or post-processing before or after the SFT/ISFT. The upsampled dense HRTF sets were then again trans-
formed to SH domain at N = 35, resulting in SH coefficients further referred to as hDEQ,nm and hOL,nm, with
DEQ standing for de-equalized and OL for (strictly) order-limited. The de-equalized and order-limited HRTFs,
as hereinafter referred to, were then obtained via the ISFT at the direction required for the respective analysis
method. The optimal radius for the rigid sphere model used for (de-)equalization was calculated based on the
dimensions of the Neumann KU100 dummy head [1], leading to r = 9.19 cm.

4.1 Spectral differences
As a first error measure, we analyzed the spectral differences between hREF,nm and hDEQ,nm or hOL,nm as a
function of the SH order N on various test sampling grids with T sampling points Ωt = {(φ1,θ1), . . . ,(φT ,θT )}.
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The frequency-dependent spectral differences per sampling point were calculated in dB as

∆g(ω,Ωt) = 20lg
| HREF(ω,Ωt) |
| HTEST(ω,Ωt) |

, (5)

where HREF is the left ear HRTF extracted from hREF,nm and HTEST is the left ear HRTF extracted from hOL,nm
or hDEQ,nm at the sampling point Ωt . Then, the absolute value of ∆g(ω,Ωt) was averaged across all sampling
points Ωt to obtain the frequency-dependent measure ∆G f (ω) (in dB)

∆G f (ω) =
1

nΩt

nΩt

∑
Ωt=1
| ∆g(ω,Ωt) |, (6)

and across ω and Ωt , resulting in a single value ∆G (in dB) describing the spectral difference

∆G =
1

nΩt

1
nω

nΩt

∑
Ωt=1

nω

∑
ω=1
| ∆g(ω,Ωt) | . (7)

Figure 3 (a) shows the spectral differences ∆G across N over the full audio bandwidth for the four different
sampling schemes applying the SUpDEq method or order-limited interpolation. The test sampling grid Ωt was
the reference Lebedev2702 grid. Independent of the sampling scheme, SUpDEq processing results in about 2 dB
less spectral differences than order-limited interpolation. The Fliege scheme however has distinct outliers at
N = 10 and N = 12 for both upsampling methods. Interestingly, exactly at these orders, some of the calculated
weights are negative, which is something Fliege and Maier could not explain [8]. Applying the SFT according
to Eq. (1), the negative weights most probably lead to a phase shift in the complex SH coefficients, certainly
resulting in reconstruction errors when transformed back with the ISFT. Apart from these outliers, the spectral
differences for the four different sampling schemes are pretty similar, indicating that the performance of the
SUpDEq method is independent of the sampling scheme. For order-limited interpolation, the equiangular scheme
leads to slightly higher spectral differences than the other schemes.
Figure 3 (b) illustrates the frequency-dependent spectral differences, exemplarily at N = 7, for the four differ-
ent sampling schemes applying the SUpDEq method or order-limited interpolation. As before, Ωt was the
Lebedev2702 grid. It can be seen that the spectral differences are significantly smaller for the SUpDEq method
than for order-limited interpolation, and furthermore that order-limited interpolation leads to a sharp increase
in spectral differences above the spatial aliasing frequency. Regarding the SUpDEq method, the Fliege scheme
performs a little worse than the three other schemes, but overall there is only a marginal influence of the sam-
pling scheme on the performance of the method. Furthermore, the equiangular scheme induces slightly higher
spectral differences than the other schemes when applying order-limited interpolation.
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Figure 3. Spectral differences in dB (left ear) between reference HRTF set and order-limited (red) or de-
equalized (blue) HRTF sets for four different sampling schemes (color saturation). The test grid Ωt was always
the Lebedev2702 grid. (a) Spectral differences ∆G across N over the full audio bandwidth. (b) Frequency-
dependent spectral differences ∆G f (ω) at N = 7.
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4.2 Binaural cues
Next, we compared the ILDs and ITDs of the reference HRTF set to those of order-limited or de-equalized
sets, again with respect to different sampling schemes. For this, HRTFs in the horizontal plane (θ = 0◦) with
an angular spacing of φ = 1◦ were extracted from the reference set hREF,nm and, depending on N, from the
respective order-limited or de-equalized set hOL,nm and hDEQ,nm. The broadband ILDs were then calculated as
the ratio between the energy of the left and right ear HRIR (HRIR, the time-domain equivalent of an HRTF).
The ITDs were calculated by means of a threshold-based onset detection on the ten times up-sampled and
low-pass filtered HRIRs (10th order Butterworth low-pass at 3kHz).
Figure 4 illustrates the calculated ILDs and ITDs of the reference HRTF set as well as of the order-limited
and de-equalized sets, again exemplarily at N = 7. As can be seen in Fig. 4 (a), the ILDs of the de-equalized
HRTFs are in good agreement with the reference and mostly unaffected by the sampling scheme. Overall, the
Fliege grid shows the most notable deviations, especially at lateral directions. At these directions, also the
Gaussian scheme provides clear deviations from the reference, whereas the equiangular and Lebedev schemes
show only slight differences over the entire angular range. In contrast, the ILDs of the order-limited HRTFs
(see Fig. 4 (b)) differ significantly from the reference. However, there is also only a rather weak influence of
the sampling scheme. Regarding the ITDs, Fig. 4 (c) and (d) illustrate that there is virtually no influence of the
sampling scheme, regardless of the upsampling method. Thus, at N = 7, the ITDs of the de-equalized HRTFs
(see Fig. 4 (c)) as well as of the order-limited HRTFs (see Fig. 4 (d)) are in good agreement with the reference.
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Figure 4. ILDs (a), (c) and ITDs (b), (d) in the horizontal plane of the reference (black) HRTFs as well as of
the order-limited (red) or de-equalized (blue) HRTFs for four sampling schemes (color saturation) at N = 7.

4.3 Localization performance
To conclude the analysis, we compared the localization performance of order-limited and de-equalized HRTFs
with respect to the sampling scheme applying two different auditory models from the Auditory Modeling Tool-
box [14]. To assess the localization performance in the median sagittal plane, we used the model from Baum-
gartner et al. [2], which provides estimates for the polar RMS error (PE) as well as for the quadrant error rate
(QE) based on monaural spectral cues. To evaluate the performance in the horizontal plane, we applied the
model from May et al. [10], which estimates the azimuthal position of a sound source based on binaural cues.
By comparing the intended and the estimated source position, a lateral error (LE) can be calculated. To calcu-
late the error measures, first the performance of hREF,nm, hOL,nm, and hDEQ,nm was determined for each sampling
scheme as a function of N. To estimate median plane localization performance, we used a test sampling grid Ωt
with φ = {0◦,180◦} and −30◦ ≤ θ ≤ 90◦ in steps of 1◦, and assumed a median listener sensitivity of S = 0.76.
To estimate the horizontal plane localization performance, we applied a test sampling grid with φ = ±90◦ in
steps of 5◦. As final error measures, the absolute polar error difference (in degree)
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∆PE =| PEREF−PETEST |, (8)

the absolute quadrant error difference (in percent)

∆QE =| QEREF−QETEST |, (9)

as well as the absolute lateral error difference (in degree)

∆LE =
1
T

T

∑
t=1
| LEREF(Ωt)−LETEST(Ωt) |, (10)

were calculated for each sampling scheme and order N, with the subscripts REF and TEST as defined above.
In the horizontal plane (see Fig. 5 (a)), the order-limited interpolation leads to an error increase at low orders
N ≤ 4. Similar to previous results, the Fliege grid performs worst here, especially at these low orders. In
contrast, the SUpDEq method leads to hardly any increase in lateral error over the entire tested range of N, no
matter which sampling scheme was applied. This shows that even at low orders, upsampling with the SUpDEq
method always results in sufficient binaural cues.
In the median sagittal plane (see Fig. 5 (b) and (c)), order-limited interpolation leads to considerably higher
errors over the entire range of N. Obviously, the high-frequency deviations in order-limited HRTFs badly affects
the monaural spectral cues. Overall, the Fliege and the Lebedev grids seem to perform worse, but it is difficult
to see a clear trend besides a general decrease in error with increasing order N. The SUpDEq method however
amplifies the polar error only slightly at low orders N ≤ 2. Once again, the Fliege grid tends to lead to a higher
increase in error than the other grids, both for the polar error as well as for the quadrant error rate. The other
grids perform more or less the same, with only slight increases in polar error and quadrant error rate at N ≥ 2,
indicating that spectral cues are only marginal impaired.
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Figure 5. Absolute lateral error difference ∆LE (a), polar error difference ∆PE (b), and quadrant error difference
∆QE (c) across N for four different sampling schemes (color saturation) applying order-limited interpolation
(red) or the SUpDEq method (blue).

5 CONCLUSION
This paper presented further evaluation of the SUpDEq method for spatial upsampling of sparse (individual)
HRTF sets by investigating the influence of the spherical sampling scheme on the performance of the method.
The study compared spatially upsampled HRTF sets originally based on sparse equiangular, Gaussian, Lebedev,
and Fliege grids at various spatial orders N to a dense reference HRTF set, applying the SUpDEq method as
well as common SH interpolation for upsampling. The analysis of spectral features, binaural cues, and local-
ization performance revealed that the influence of the sampling scheme on the results of SUpDEq processing
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is only marginal. Overall, only the Fliege scheme tended to perform a little worse than the other three tested
schemes. With order-limited interpolation, the sampling scheme affected the examined features slightly stronger.
The results of this study confirm or at least increase the general applicability of the SUpDEq method regarding
the sampling scheme of the input HRTF set. Thus, the SUpDEq method might be applied with any sparse HRTF
set measured on a proper full-spherical sampling grid. However, we only examined sampling schemes provid-
ing a closed-form expression in this paper. Therefore, further tests with arbitrary sampling schemes could be
performed, even though it seems that given a reasonable sparse sampling scheme providing a well-conditioned
(inverse) SH matrix, the results will be quite similar. Furthermore, listening experiments could be performed to
analyze the perceptual influence of the sampling scheme, although the analysis in this paper suggests that the
perceptual influence might be marginal. A Matlab-based implementation of the SUpDEq method is available on
https://github.com/AudioGroupCologne/SUpDEq. The research presented in this paper was funded by the
German Federal Ministry of Education and Research (BMBF 03FH014IX5-NarDasS).
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ABSTRACT 
Sound sources like a human speaker, musical instruments and loudspeakers typically radiate sound with a 
frequency-dependent directivity pattern. If a human speaker faces the receiver, more high-frequency 
components reach the receiver as when the speaker turns in the opposite direction. This is perceptually easily 
detectable, particularly in anechoic conditions. In rooms, early reflections and late diffuse reverberation, 
which both can be differently affected by the directivity pattern of the source, occur in addition to the direct 
sound. While source directivity appears relevant for distinct early reflections, it is unclear to which extent the 
perceptual effects average out for later reflections and diffuse reverberation. 
Here we assess to what extent directivity of a human speaker should be modelled for early reflections and 
diffuse reverberation. For this we used a hybrid approach to simulate and auralize binaural room impulse 
responses [Wendt et al., JAES, 62, 11 (2014)], combining an image source model (ISM) for early reflections 
with a feedback delay network for diffuse reverberation. The approach was extended by a directivity filter 
based on a spherical head model. Listeners distinguished between source orientations solely based on 
ISM-directivity and detected average source directivity filtering even in reverberant conditions. 
 
Keywords: Source directivity, room acoustics simulation, psychoacoustics 

1. INTRODUCTION 
Directivity of a human speaker in a room can be easily demonstrated when the speaker turns in the 

opposite direction of a listener. The directivity pattern of the head and mouth radiate high frequencies 
more directed to the front while low frequencies are radiated omni-directionally. Depending on the 
acoustic properties of the room, head rotation of the source causes changes in the spectral pattern of 
the early reflections in addition to changes in the direct sound, most notably in the high frequencies. 
For later reflections and diffuse reverberation, the effect of source directivity can be assumed to be 
more spatially averaged, due to the high number of spatially more even distribution of reflections in  
the acoustic sound field of the room.  

While interaural time differences (ITD), interaural level differences (ILD) and the 
direct-to-reverberant ratio (DRR) influence the perception of a source’s location and distance, 
interaction effects between spectral and spatial cues for source directivity perception are still open 
questions. 

Perception of sound source orientations was investigated by Neuhoff and colleagues. In (1) 
listeners had to indicate the orientation of a loudspeaker in front of them in a semi-anechoic room with 
broadband noise as test signal. Results showed that test subjects were sensitive to the facing angle of a 
directional sound source with better performances at closer distance and the source directly facing the 
listeners. 

Nakano et al. (2) performed experiments with a human speaker in real and anechoic environments. 
With an average horizontal orientation error of 24.5° in anechoic and 33.8° in realistic (unfurnished) 
conditions, they concluded that it is more difficult to perceive orientation of a speaker in a real 
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environment than in an anechoic room. Their results match with Kato et al. (3) and they found no 
significant training effects for central frontal positions.   

Edlund et al. (4) found that judging different facing angles of a human speaker is also possible with 
the presence of background noise in furnished, asymmetric rooms and tends to be easier under certain 
geometrically conditions (i.e. reflections of a nearby window) than in anechoic rooms. 

In the above studies, important perceptual cues for the orientation of the sound source are changes 
in the coloration of the direct sound or ILDs introduced by the effect of directivity on sound 
reflections.  

Modelling the acoustic properties of source directivity within computer-generated auralizations 
had been identified as an important factor for a perceptually plausible experience. Otondo (5) showed 
that the directivity of a musical instrument has a direct influence on the distribution of acoustical 
parameters in a room, which is perceptually perceivable. This is supported by studies from Vigeant and 
colleagues (6). A recent study by Budnik et al. (7) showed significant improvements when comparing 
artificial-head-based binaural recordings of human speech in a classroom scenario with room 
simulations including realistic speaker directivity with an omni-directional source.  

While source directivity appears relevant for distinct early reflections, it is unclear to which extent 
the perceptual effects average out for later reflections and diffuse reverberation  and could therefore be 
simplified for source directivity in room acoustics simulations. The current study assessed this 
question by conducting two listening experiments with a human speaker as sound source in two 
simulated rooms. Source directivity was simulated with a simple directional filter approach. 

2. METHODS 
A hybrid approach proposed by Wendt et al. (8; room acoustics simulator, RAZR) to simulate and 

auralize binaural room impulse responses (BRIRs) was used in the current study. RAZR combines an 
image source model (ISM) by Allen and Berkley (9) for calculation of early reflections with a 
feedback delay network (FDN) by Jot and Chaigne (10) for diffuse reverberation. This method 
achieves perceptually plausible simulations with relatively fast computation time. The auralization 
uses headphones and considers the rotation of the listener’s head.  

The framework was extended with the option to include rotation of a virtual source as well as a 
source directivity filter to account for the spectral directivity pattern of the source.  

2.1 ISM Source Directivity 
In a closed-form ISM for a shoebox-shaped room, the exit angles of each ISM source can be gained 

by calculating the vector between source and receiver from their relative positions and orientation.  As 
all walls are orthogonal and can be chosen to be axis aligned, either the x, y or z dimension has to be 
considered for each reflection. This is done by mirroring the initial vector depending on the ISM order. 
From this the source exit angles can be easily obtained - for further information see (11). 

The directivity of a human speaker was modelled with a simplified rotationally-symmetric source 
filter based on the spherical head model (SHM) by Duda et al. (12). Originally intended for the 
receiver to approximate head related transfer functions, here it is used to approximate the directivity of 
the mouth of the speaker as a sound source located on a sphere representing the head.  

For the technical implementation a head-shadowing filter found in (13) was used. Figure 1 shows 
the frequency responses for different input angles. Note that the filter response is normalized to be flat 
at zero degree (frontal direction of the source). For the back side of the source an attenuation of about 
20 dB is observed 10 kHz. 

2652



 

 

 

Figure 1 – Frequency responses for different azimuth angles of the normalized SHM-based head-shadow 

filter. 

2.2 Average Source Directivity Filter 
Given an increasing number of reflections from many directions overlay for later reflections and 

late reverberation, it is interesting to consider the radiated power of the source averaged across all 
directions, expressed as an average source directivity filter. For this, the power spectral densities 
(PSD) of the source directivity filter were calculated for azimuth angels between zero and 180° in 2.5° 
steps over frequency.  

 
 (1) 

 
These PSDs were weighted over a sphere that was subdivided into ring surfaces with a width of 

2.5°. 
 

 (2) 

 
 (3) 

 
 (4) 

 
The weighted PSDs per ring surface were summed and divided by the whole sphere surface for 

calculation of an average transfer function:  
 

 (5) 

 
Finally, the inverse Fourier transformation of the average transfer function was calculated.  The 
resulting frequency response of average source directivity filter is shown in Figure 2. 
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Figure 2 – Frequency response of the average source directivity filter based on the SHM.  

2.3 Virtual Rooms 
Two virtual shoebox-shaped rooms were used for the experiments: A small room (“Room L”) with 

a shorter reverberation time and a large room (“Room A”) with properties summarized in Table 1. The 
setup of the virtual rooms with source and receiver locations is shown in Figure 3.The distance of 
source and receiver equals the respective critical distances (DRR of 0 dB for an omni-directional 
source) in the rooms. 

Table 1 – Virtual Rooms 

Name Size [x, y, z], m Volume, m3 T60, s Crit. distance, m 

Room L: "Lab.” 4.97, 4.12, 3 61.4 ~ 0.3 ~ 1 

Room A: "Aula" 12, 30, 10 3600 ~ 4.7 ~ 2.5 
 

 

Figure 3– Setup of virtual rooms, left: Room L, right: Room A.  

3. LISTENING TEST I – IDENTIFICATION 
A listening test with simulated ISM source directivity was conducted to investigate if listeners were 

able to distinguish between different virtual source orientations. The tasked was to identify the correct 
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orientation of the source among four possible orientations (“Front”, “Left”, “Back”, “Right”). If the 
speaker was facing the listener, “Front” would have been the correct answer. 

Stimuli were played successively over headphones and the listeners had to provide a response via 
four GUI buttons to continue. Eight trials per randomized orientation and virtual room were presented 
and no feedback was provided. Five training trials per orientation and room (different sentence, with 
feedback) were given before the test phase. Ten normal hearing listeners participated in the test (5 
female, 5 male, age 24-38, mean age 28.5). 

3.1 Stimuli 
An example sentence from the German Oldenburg Sentence Test (OLSA) (14) -“Britta bekommt elf 

nasse Steine”-, spoken by a male speaker was auralized in central position via a third-order ISM in the 
above mentioned approach in two virtual rooms (Table 1) for each orientation. For the training phase 
a different sentence spoken by the same speaker was used. 

3.2 Results 
The graphs in Figure 4 show the distributions of all answers derived from the confusion matrices 

below, with a value of 1 representing 100 percent correct answers for one condition. 

 
Figure 4 – Identification listening test results, left: Room L, right: Room A.  

 
There were more correct identifications for each orientation in Room L than in Room A. In both 

virtual rooms the ‘Front’ condition was identified best whereas the identification rates of the 
‘Left’/’Right’ conditions differ highly between rooms. Incorrect answers are evenly distributed. 

3.3 Discussion 
The results indicate that listeners are able to distinguish between different source orientations in the 

two simulated rooms with the proposed source directivity filter approach. Identification of ‘Left/Right’ 
orientations benefits from the small Room L with strong and shortly arriving (about 13 ms) early 
reflections, whereas in the large and more reverberant Room A, reflections are stronger attenuated 
(and need longer to reach the listener) because of the larger traveling distances.  
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For further statistical analysis, a resampling-bootstrap method was applied (15, 16), where it is 
assumed that all samples stem from the same underlying distribution and the difference in me ans 
reflects the sampling variation for that distribution.  

The frequency of observed differences that were as large as, or larger than the actual difference in 
means derived from randomly sampling the combined distribution of the Room L and Room A 
conditions was calculated (1000 iterations). Here identification rates for ‘Left’ & ‘Right’ showed to be 
significantly different (p < 0.05) between rooms.  

4. LISTENING TEST II – DETECTION 
In a second listening test, the question was approached if the simulation of source directivity can be 

simplified by using the average source directivity filter at higher ISM orders, where a number of 
spatially distributed reflections overlap. The hypothesis was that the effect of individually simulated 
directivity of each image source is not perceivable for higher ISM orders compared to applying the 
averaged source directivity.  

Listeners judged in an ABX experiment whether the third stimulus out of three (ABA, ABB) was 
the same as the first or the second one (X = A or X =B). Listeners had to provide their response via two 
GUI buttons to continue. Sixteen trials per virtual room over two runs were presented with feedback 
and no training phase. Ten normal hearing listeners participated in the test (2 female, 8 male, age 25-38, 
mean age 29.8). 

4.1 Stimuli 
The “Right”-stimulus from the identification test was chosen for this experiment as reference. The 

general auralization parameters were the same as in the identification experiment. In the test stimulus, 
instead of correctly filtering all ISM stages with the source directivity filter (2.1), the average source 
directivity filter (2.2) was utilized, starting from the third ISM order. This effectively applied the 
average directivity to the later reflections and diffuse reverberation while maintaining the correct 
directivity in the direct sound and the early reflections.  

4.2 Results 
Figure 5 shows the percentages of the correct answers (median and interquartile ranges) for 

detecting the reference and test stimulus both virtual rooms. A percentage of 50% indicates chance 
level. The median results are slightly above 60% and below the binomial significance level indicated 
by the horizontal dashed line.  

 

Figure 5 – Detection listening test results. The dashed horizontal line indicates the binomial significance 

level.  
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To further analyze the results, a method proposed by Boley and Lester (17, 18, 19) was used to 
determine the sensitivity index d’ as well as the 95% confidence interval (CI) per listener. The number 
of listeners that detected a difference in the ABX experiment was determined by d’ ± 95% CI > 0. Two 
listeners (4 & 7) were able to detect a difference in both conditions. One listener (9) did not detect any 
difference in both conditions. Results of the remaining listeners show no clear tendency towards one 
particular condition.    

 
Table 3 – Calculated d’ ± 95% confidence per listener 

Listener No. Room L Room A 

1 0.880±1.614 1.270±1.053 

2 2.360±1.547 1.780±6.252 

3 0.000±8.840 2.230±0.381 

4 1.190±0.775 1.490±0.758 

5 2.880±0.324 1.490±1.577 

6 0.600±1.715 0.920±0.808 

7 2.720±0.258 1.830±0.561 

8 1.460±0.878 1.490±1.577 

9 0.520±6.439 0.000±1.053 

10 1.510±6.254 1.270±1.053 

Σ(d’±95% > 0) 5 4 
 

4.3 Discussion 
Overall the results do not allow to state that the effect of individual directivity against averaged 

source directivity for the third-order image sources and late reverberation is not perceivable. Five 
listeners (Room L) and four listeners (Room A) out of ten distinguished both conditions. However, a 
slight tendency that detection is more difficult in the larger room A was observed. 

It should be noted that the here employed virtual setup and stimuli just reflect one specific 
condition out of a multitude of potential naturally occurring room conditions and source and receiver 
locations. For the current two conditions, about half of the listeners could not detect any difference 
between the more exact and approximated average simulation of the effect of source directivity in the 
third-order reflections and late reverberation. 

 

5. SUMMARY 
A hybrid approach to simulate and auralize BRIRs was extended with a simplified source 

directivity filter. Two experiments were performed to investigate perceptual effects of source 
directivity modelling.  

Despite the very straightforward approach, experimental results show that a perception of source 
directivity can be achieved by a simple spectral filter within the ISM. The best performance was 
observed in the smaller room with strong early reflections from nearby walls.  

A spatially averaged source directivity filter applied to later reflections and diffuse reverberation 
was still detected by half of the listeners. While perceptually detectable in an ABX comparison test, 
future research has to show which cues were used for detection and how relevant directivity modelling 
for higher-order reflections is regarding perception of source orientation and evaluation of, e.g., 
speech intelligibility in simulated room conditions. 
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Subjective Performance Criteria for Mixed-Reality Immersive Audio 

Jean-Marc JOT1; Justin MATHEW1; Colby LEIDER1 
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ABSTRACT 

An overall design objective of virtual, augmented or mixed-reality audio systems is to maximize the 

plausibility of an artificial experience presented to a user via earphones or a head-mounted audio-visual 

display apparatus. A number of metrics have been proposed for evaluating the subjective performance of 

spatial audio rendering techniques in a variety of playback environments. They include, for instance, 

positional audio rendering accuracy measures relevant for quantitatively evaluating the subjective 

performance of virtual reality (VR) audio systems. The design objective of VR systems amounts to 

suspension of disbelief, because the user is aware that every aspect of the experience is computer generated 

and presented via a display system that occludes and replaces the real world. Augmented or mixed reality 

(AR/MR) audio systems, on the contrary, aim to display digital objects overlayed in the world perceived 

naturally by the listener. A challenge of AR/MR applications is therefore to prevent dissonance between the 

perception of computer-generated objects and the listener's expectations (for instance, avoid artifacts that 

might reveal that some of the perceived objects are artificial). We propose a subjective-assessment rubric that 

we have begun employing in our AR/MR audio system performance surveys, centered initially on loudness 

and positional audio rendering. 

 

Keywords: Subjective, Performance, Virtual, Augmented, Reality 
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Abstract
Microphone array beamforming has been widely used in a wide range of acoustic applications. To make it
effective in suppressing noise, yet being able to preserve the fidelity and quality of broadband speech signals of
interest, the beamformer needs to be designed with high spatial gain, consistent responses at different frequen-
cies, and high robustness against array imperfections. A great deal of efforts have been devoted in the literature
to achieving this goal, among which the Kronecker product beamforming method, developed recently for linear
and rectangular microphone arrays, has demonstrated some interesting properties. In this work, we extend this
approach to three-dimensional arrays. Focusing on cuboid shape of microphone arrays, we first decompose
the global beamforming filter into a Kronecker product of two sub-beamforming filters. Algorithms are then
developed to design each sub-beamforming filter so that the global beamformer has a high directivity factor and
can be steered flexibly in the three-dimensional space.

Keywords: Microphone arrays, cuboid arrays, superdirective beamforming, Kronecker product.

1 INTRODUCTION
Microphone arrays can be used to solve many important acoustic problems in a wide range of applications. A
critical component of a microphone array system is the so-called beamforming, which is basically a spatial filter
applied to the array observation signals to estimate the signal of interest while suppressing noise and interfer-
ences [1–3]. While beamforming has been studied for many decades in the field of sensor arrays, extending
those methods developed for narrowband applications to microphone arrays is not trivial as microphone array
beamforming needs to suppress noise and meanwhile preserve the fidelity of the speech and acoustic signals of
interest, which are broadband in nature and their frequencies span from 20 Hz to 20 kHz. Among many beam-
forming methods developed in the literature [5–10], the Kronecker product beamforming developed recently
has demonstrated some promising results in terms of performance, robustness, and complexity [2, 11–20]. This
method basically decomposes the global beamforming filter into the Kronecker product of two sub-filters. It has
been demonstrated, based on linear and rectangular microphone arrays, that by optimizing these sub-filters, the
global beamforming filter can be made to achieve high spatial gain and consistent responses over frequencies
with high robustness [2, 21].
In this paper, we extend the Kronecker product beamforming from two-dimensional microphone arrays to a par-
ticular type of three-dimensional microphone arrays, i.e., uniform cuboid arrays. We first show how to decom-
pose the global beamforming filter into the Kronecker product of two sub-beamforming filters: one corresponds
to a linear array and the other corresponds to a rectangular grid array. We then derive algorithms on how to
design those two sub-beamforming filters. It is shown that the developed Kronecker product beamformer can
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Figure 1. Illustration of the Kronecker product decomposition of a uniform cuboid array into a uniform rectan-
gular subarray and a uniform linear subarray.

achieve a high directivity factor (DF) with a reasonable white noise gain (WNG), and its beampattern has good
steering flexibility in the three-dimensional space.

2 SIGNAL MODEL, PROBLEM FORMULATION, AND PERFORMANCE MEA-
SURES

Let us consider a uniform cuboid microphone array as illustrated in Fig. 1. We choose the sensor at the top-left
inner corner as the origin of the Cartesian coordinate system. The array consists of Mz parallel uniform rect-
angular array along z (negative) axis and each rectangular array consists of Mx sensors along the x (negative)
axis and My sensors along the y (negative) axis. The interelement spacing along each axis is denoted as δx,
δy, and δz , respectively.
Assume that, in an anechoic acoustic environment, a far-field source signal (plane-wave) propagates from the
direction {θ, φ} at the speed of sound, i.e., c = 340 m/s, and impinges on the cuboid array, where the elevation
angle θ (0 ≤ θ ≤ π) is measured downward from the z axis and the azimuth angle φ (0 ≤ φ ≤ 2π) is measured
counterclockwise from the x axis. The steering matrix of size Mx × My corresponding to the rectangular array
can be written as [2, 7]

Dxy (ω, θ, φ) = dx (ω, θ, φ) d
T
y (ω, θ, φ) , (1)

where

dx (ω, θ, φ) =
[

1 e−j
ωδx

c
sin θ cos φ · · · e−j

(Mx−1)ωδx
c

sin θ cos φ

]T

, (2)

dy (ω, θ, φ) =
[

1 e−j
ωδy

c
sin θ sin φ · · · e−j

(My −1)ωδy

c
sin θ sin φ

]T

(3)

are the steering vectors associated with the linear subarrays along the x and y axes, respectively, j is the
imaginary unit with j2 = −1, ω = 2πf is the angular frequency, and f > 0 is the temporal frequency.
Applying the vectorization operation to (1), we can deduce that

dxy (ω, θ, φ) = vec [Dxy (ω, θ, φ)] = dy (ω, θ, φ) ⊗ dx (ω, θ, φ) , (4)

where ⊗ denotes the Kronecker product operation. Then, the steering matrix of size (MxMy)×Mz correspond-
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ing to the cuboid array can be written as

D (ω, θ, φ) =
[

dxy (ω, θ, φ) e−j
ωδz

c
cos θ

dxy (ω, θ, φ) · · · e−j
(Mz −1)ωδz

c
cos θ

dxy (ω, θ, φ)
]

= dxy (ω, θ, φ) d
T
z (ω, θ) , (5)

where

dz (ω, θ) =
[

1 e−j
ωδz

c
cos θ · · · e−j

(Mz −1)ωδz
c

cos θ

]T

(6)

is the steering vector of length Mz associated with the linear subarray along the z axis
[
Note that dz (ω, θ) is

independent of the azimuth angle φ
]
. Similarly, applying the vectorization operation to (5) yields

d (ω, θ, φ) = vec [D (ω, θ, φ)] = dz (ω, θ) ⊗ dxy (ω, θ, φ) . (7)

The conventional beamforming is performed by applying a complex-valued filter, h (ω) of length M =
MxMyMz , to all the microphone observations to get an estimate of the desired signal [7]. Assume that the
desired source is incident from the direction {θd, φd}. The distortionless constraint in the desired look direction
is required, i.e.,

h
H (ω) d (ω, θd, φd) = 1, (8)

where the superscript H is the conjugate-transpose operator.
Three important performance measures are commonly used to evaluate the performance of beamformers: the
beampattern, the WNG, and the DF. The beampattern describes the sensitivity of the beamformer to a plane
wave; it is defined as [3]

B [h (ω) , θ, φ] = h
H (ω) d (ω, θ, φ) . (9)

The WNG evaluates the sensitivity of the array to some of its imperfections; it is defined as [4]

W [h (ω)] =

∣∣hH (ω) d (ω, θd, φd)
∣∣2

hH (ω) h (ω)
. (10)

The DF quantifies how the microphone array performs in the presence of spatially diffuse noise; it is defined
as [4]

D [h (ω)] =
|B [h (ω) , θd, φd]|

2

1

4π

∫ π

0

∫ 2π

0
|B [h (ω) , θ, φ]|

2
sin θdφdθ

=

∣∣hH (ω) d (ω, θd, φd)
∣∣2

hH (ω) Γ (ω) h (ω)
, (11)

where

Γ (ω) =
1

4π

∫ π

0

∫ 2π

0

d (ω, θ, φ) d
H (ω, θ, φ) sin θdφdθ. (12)

3 KRONECKER PRODUCT BEAMFORMERS
As seen from (7), the steering vector of the cuboid array can be decomposed into the Kronecker product of the
counterparts of two subarrays. Consequently, we propose to decompose the global beamforming filter as

h (ω) = hz (ω) ⊗ hxy (ω) , (13)
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where hz (ω) is the sub-beamforming filter of length Mz corresponding to the linear subarray along the z axis
and hxy (ω) is the sub-beamforming filter of length MxMy corresponding to the rectangular subarray along the
x − y plane.
Now, the beampattern of the Kronecker product beamformer can be written as

B [h (ω) , θ, φ] = [hz (ω) ⊗ hxy (ω)]
H

[dz (ω, θ) ⊗ dxy (ω, θ, φ)]

=
[
h

H
z (ω) dz (ω, θ)

] [
h

H
xy (ω) dxy (ω, θ, φ)

]
= B [hz (ω) , θ] × B [hxy (ω) , θ, φ] , (14)

where B [hz (ω) , θ] and B [hxy (ω) , θ, φ] are the beampatterns corresponding to the linear and rectangular sub-
arrays, respectively. It can be easily observed that the global beampattern of the cuboid array is the product of
the individual beampatterns of the two sub-beamforming filters.
The distortionless constraint becomes[

h
H
z (ω) dz (ω, θd)

] [
h

H
xy (ω) dxy (ω, θd, φd)

]
= 1. (15)

Let us set the distortionless constraint for each sub-beamforming filter as

h
H
z (ω) dz (ω, θd) = h

H
xy (ω) dxy (ω, θd, φd) = 1, (16)

so that the global distortionless constraint in (15) is satisfied.
The WNG of the Kronecker product beamformer is deduced as

W [h (ω)] =

∣∣[hH
z (ω) dz (ω, θd)

] [
h

H
xy (ω) dxy (ω, θd, φd)

]∣∣2

[hz (ω) ⊗ hxy (ω)]
H

[hz (ω) ⊗ hxy (ω)]

=

∣∣hH
z (ω) dz (ω, θd)

∣∣2

hH
z (ω) hz (ω)

×

∣∣hH
xy (ω) dxy (ω, θd, φd)

∣∣2

hH
xy (ω) hxy (ω)

= W [hz (ω)] × W [hxy (ω)] , (17)

where W [hz (ω)] and W [hxy (ω)] are the WNGs corresponding to the linear and rectangular subarrays, respec-
tively. It is clear that the WNG of the cuboid array is the product of the WNGs of the two subarrays.
Now, we can design the two sub-beamforming filters individually, and thereby obtaining the global beamformer
[22–24].
Apparently, there are different ways to design the sub-beamforming filters. For example, we may design a su-
perdirective beamformer for the rectangular subarray, which is obtained by maximizing the DF while considering
the distortionless constraint [2, 25–27]. The result is as follows:

hxy,SD (ω) =
Γ

−1
xy (ω) dxy (ω, θd, φd)

dH
xy (ω, θd, φd) Γ

−1
xy (ω) dxy (ω, θd, φd)

, (18)

where

Γxy (ω) =

⎡
⎢⎢⎢⎣

Γ1 (ω) Γ2 (ω) · · · ΓMy
(ω)

Γ2 (ω) Γ1 (ω) · · · ΓMy−1 (ω)
...

...
...

...
ΓMy

(ω) ΓMy−1 (ω) · · · Γ1 (ω)

⎤
⎥⎥⎥⎦ (19)

is a symmetric block Toeplitz matrix of size (MxMy) × (MxMy) and Γmy
(ω) , my = 1, 2, . . . , My are sym-

metric Toeplitz matrices of size Mx × Mx whose (i, j)th element is defined as

[
Γmy

(ω)
]

ij
= sinc

⎡
⎣ω

√
(i − j)2δ2

x + (my − 1)2δ2
y

c

⎤
⎦ , (20)
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Figure 2. Beampatterns of the Kronecker product beamformer with a cuboid array for different values of θd: (a)
θd = 0◦, (b) θd = 30◦, (c) θd = 45◦, and (d) θd = 90◦. The upper subplots show the three-dimensional beam-
patterns and the lower subplots show the corresponding two-dimensional beampatterns for φ = 0◦. Conditions
of simulations: Mx = My = 4, Mz = 8, δx = 1 cm, δy = δz = 2 cm, φd = 0◦, and f = 2 kHz.

Figure 3. Beampatterns of the Kronecker product beamformer with a cuboid array for different values of φd: (a)
φd = 180◦, (b) φd = 210◦, (c) φd = 240◦, and (d) φd = 270◦. The upper subplots show the three-dimensional
beampatterns and the lower subplots show the two-dimensional beampatterns for θ = 90◦. Conditions of simu-
lations: Mx = My = 4, Mz = 8, δx = 1 cm, δy = δz = 2 cm, θd = 90◦, and f = 2 kHz.

with sinc(x) = sin x/x, and the subscript SD stands for “superdirective.”
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Figure 4. Performance of the Kronecker product beamformer with a cuboid array for different values of θd: (a)
DF and (b) WNG. Conditions of simulations: Mx = My = 4, Mz = 8, δx = 1 cm, δy = δz = 2 cm, and
φd = 0◦.

Superdirective beamformers generally have low WNG at low frequencies, leading to the so-called white noise
amplification problem. To deal with this problem, let us consider the beamformer that has the largest WNG for
the linear subarray, which corresponds to the delay-and-sum beamformer:

hz,DS (ω) =
1

Mz

dz (ω, θd) . (21)

Thus, the global beamformer is obtained as

h (ω) = hz,DS (ω) ⊗ hxy,SD (ω) . (22)

This beamformer can achieve a high value of DF while maintaining a reasonable level of WNG for robustness.
Meanwhile, it has advantages in computational efficiency since the dimension of the matrix to invert is MxMy

instead of MxMyMz [2]. Moreover, the designed beampattern can be steered to different desired directions in
the three-dimensional space as will be shown in the following section.

4 SIMULATIONS
In this section, we examine the performance of the Kronecker product beamformer through simulations. We
consider a uniform cuboid array with Mx = 4, My = 4, Mz = 8, δx = 1 cm, δy = 2 cm, and δz = 2 cm.
Figure 2 plots the beampatterns of the proposed beamformer for θd ∈ {0◦ , 30◦, 45◦, 90◦}, φd = 0◦, and
f = 2 kHz, where the upper subplots show the three-dimensional beampatterns and the lower subplots show
the two-dimensional beampatterns for φ = 0◦. Figure 3 plots the beampatterns of the proposed beamformer
for φd ∈ {180◦, 210◦, 240◦, 270◦}, θd = 90◦, and f = 2 kHz, where the lower subplots show the two-
dimensional beampatterns for θ = 90◦. Clearly, the Kronecker product beamformer can form a main beam to
different directions, which implies that the proposed beamforming method has good steering flexibility in the
three-dimensional space.
Figure 4 plots the WNG and the DF of the Kronecker product beamformer as a function of frequency, f , for
θd ∈ {0◦, 45◦, 90◦}, and φd = 0◦. It is clearly seen that the proposed beamformer can achieve a high DF while
maintaining a reasonable level of WNG. It is also observed that the DF increases while the WNG decreases as
θd increases.
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5 CONCLUSIONS
We have proposed a Kronecker product beamforming method for cuboid microphone arrays. This method first
decomposes the uniform cuboid array into linear and rectangular subarrays so that the steering vector of the
cuboid array is written as a Kronecker product of the steering vectors of the two subarrays. The global beam-
forming filter is, in a similar manner, also decomposed as a Kronecker product of two sub-beamforming filters.
As such, we can design the two sub-beamforming filters individually. In this way, the design of the global
beamforming filter becomes very flexible since each sub-beamforming filter can be designed using different
methods such as the superdirective beamformer, delay-and-sum beamformer, differential beamformer, and adap-
tive beamformer. Then we demonstrated a design of a global beamforming filter by combining superdirective
and delay-and-sum beamformers. Simulation results verified that the designed beamformer can achieve high DF
and a reasonable level of WNG while facilitating good steering flexibility in the three-dimensional space.
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ABSTRACT 
During vibration testing of space hardware, breaking sounds can be heard when cracks happen in the structure. 
However, much efforts are needed to determine the position of fault in a complex large-scale model such as 
a satellite with background noise in reverberant environment. This paper focuses on implementing non-
contact localization of the sound sources which are attributed to structure failures. In order to achieve this 
goal, a system for fault detection by sound source localization with limited number of sensors under the 
moderate reverberant environment is established based on the TDOA technology. The low-quefrency filtering 
technique is adopted as a dereverberation pre-processing approach to alleviate the reverberation effects due 
to the echoes from the reflections of the laboratory. In order to reject the interference sound sources, two 
criteria, the geometrical criterion and the cyclical check criterion, are introduced. A series of experiments are 
conducted to verify the performance of this system. The results show that this system can localize the crack 
sources and hitting sources accurately in a short time. 
 
Keywords: Impulse source localization, reverberant environment, TDOA 

1. INTRODUCTION 
During vibration testing with the input signal of sine-sweeping or random amplitude, breaking 

sounds can be heard when cracks happen in the structure. However, it is often a difficult task to 
localize the structure failure position in a complex large-scale model with background noise in 
reverberant environment. Consequently, it often requires much effort for engineers to check over the 
whole structure in order to determine the position of fault. 

The current work aims at implementing non-contact localization of the sound sources which are 
attributed to structure failures. In order to achieve fault detection by sound source localization  with 
limited number of sensors, the TDOA technique is adopted (1-3). Comparing with another classic 
sound source localization technique the beamforming method, the microphones required for 
implementing TDOA is much less. At least three omni-direction microphones are capable to obtain 
the location of a point source in 2-D case, which is often the case when the fault positions are 
considered on the surfaces of the space hardware. However, in the current study, one more microphone 
is employed for each surface to enhance the performance of the localization system against the 
interference sources and background noise. 

By using the TDOA method, an impulse source can be localized accurately with four microphones 
for one surface of the test item in a short time in the free-field condition. However, when the 
environment is reverberant as in most application cases, the echoes due to the wall reflections will 
significantly degrade the performance of the TDOA method. In order to overcome this problem, the 
homomorphic filtering technique is adopted to reduce the reverberation effect. This technique 
eliminates the reverberation contributions by decomposing the original measurement signals into the 
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minimum-phase components and the all-pass components, and by applying low pass filtering in the 
quefrency domain on the minimum-phase components. This technique can effectively reduce the 
reverberation effects in the measurement signals and therefore make the TDOA method more robust 
in reverberant environments. 

Following the methodology, a prototype of 16-channel structural failure localization system is 
established and tested on a satellite model. The experiments show that this system can localize the 
crack sources and hitting sources quickly and accurately.  

2. Methodology 
As a classic technique for sound source localization, the TDOA technique has been applied in many 

fields for its simple principle, less sensors and less computation amount comparing with other 
techniques. Many researches have been done on TDOA in recent years (4-7). The TDOA technique is 
utilized in the localization system established in the current work so as to reduce the complexity of 
the microphone array and to reduce the measurement channels and therefore the economic cost.  

Consider the acoustic wave Sk(t) emitted from a point source Sk. The received acoustic signal by a 
microphone j is expressed as: 

1
4 1, ,j jk k jk jx t s t c n t j Mr r M,  (1) 

where xj(t) is the received signal by microphone j, rjk is the vector from the location of the jth 
microphone to the source Sk, nj(t) is background noise which is considered as incoherent with each 
other in each measurement channel, and c is the speed of sound in air. 

For a microphone pair consisting the ith microphone and the jth microphone, the time difference 
of arrival (TDOA) from the source Sk to the two microphones is defined by the following equation: 

=ij jk ik cr r  (2) 

It can be seen from this equation that if the TDOA δij is found out, the sound source Sk is then 
constrained on one branch of a hyperboloid determined by Equation (2) in the 3-D situation. A 
convenient way to obtain δij is to evaluate the cross-correlation function (CCF) of the measurement 
signals of the microphone pair, which is given by: 

0

1lim
T

ij i jT
t

R x t x t
T

 (3) 

Equation (3) is the definition of CCF for continuous signals. However, the signals are processed 
digitally by computers and therefore sequences are used instead of continuous functions. Consequently, 
the following equation take the place of Equation (3) in real applications. 

1

1 sampleN

ij i j
nsample

R x n x n
N

 (4) 

where Nsample is the number of total sampling points of the signals and τ is the possible time shift. 
Equation (2) represents one branch of a hyperboloid with the focal points at the positions of the 

ith and the jth microphones. In order to determine the location of a point sound source in a 3 -D field, 
at least four microphones that are not in the same plane are needed so that three microphone pairs can 
be formed. The hyperboloids obtained in each local coordinate system are then transformed into the 
global coordinate system by applying coordinate transformation. The position of the sound source is 
obtained at the intersection of the three corresponding hyperboloids.  

In most real situations, the acoustic signal captured by a microphone contains not only the direct 
path signal from the sound source but also multiple echoes reflected by the surfaces of the reverberant 
environment as well as the incoherent noise. These echoes can be considered as a series of delayed 
and attenuated versions of the direct path signal. In such situations, the measurement signal can be 
expressed as the convolution of the source signal and the room impulse response function which 
describes how the echoes are delayed and attenuated.  

The contribution of the reverberation effect can be reduced using the cepstral dereverberation 
method. To apply this technique, first, each measurement signal is transformed into its cepstrum (8). 
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Then, the cepstrum is decomposed into two parts, the minimum-phase part and the all-pass part. The 
former part is further low-pass filtered to suppress the contribution of the reverberation effects. 
Afterwards, the filtered minimum-phase part and the all-pass part are transformed into the frequency 
domain and multiplyed with each other to obtain the processed spectrum. And finally, a processed 
measurment signal is obtained by applying the inverse Fourier’s transformation. This technique is 
adopted in the current work as a pre-processing method of the measurement signals. To get more 
details one can refer to Reference (9-11). 

3. Some Consideration of the Structural Failure Localization System 

3.1 Optimization of microphone arrangement 
The TDOA method determines the position of a sound source according to the intersection of 

multiple hyperboloids which depend on the time difference of arrival between two microphones in 
each microphone pair. In order to localize a point source in a 3-D field, at least three microphone pairs 
are needed, that is, at least four microphones which are not in the same plane should be used.  

However, in the current study, the sound sources of interest are all assumed on the surfaces of the 
test item. Typically, the profile of a satellite model can be simplified as a cube. For each side of the 
cube, the sound sources to be localized are within a known area, that is, the corresponding surface of 
the model. In such situation, two microphone pairs are enough to obtain  two hyperboloids. The 
intersection line of the two hyperboloids meets the surface at the sound source location. Hence, at 
least three microphones on a plane parallel to the corresponding surface of the space hardware should 
be utilized.  

In many real applications, however, there are often reverberation effects as well as some 
interference sound sources such as the sound of air conditioning system, the voices of workers. These 
interferences may lead to spurious peaks in the cross correlation functions of the microphone pairs 
and consequently lead to wrong intersection of the hyperboloids. In order to enhance the robustness 
of the localization system, another microphone is added in the sub-array for each surfaces of the test 
item. Therefore, six microphone pairs are formed and six hyperboloids are obtained using four 
microphones in each sub-array. In order to localize the structure failure sound sources on the four 
sides of a test item, a whole microphone array containing 16 microphones with four sub -arrays are 
established. The four microphones of each sub-array are placed near the four corners of the surface to 
capture the acoustic signals on each surface. 

3.2 Rejection of the interference sound sources 
In order to reject the interference sound sources and enhance the localization robustness, two 

criteria, the geometrical criterion and cyclical check, are introduced into the current localization 
system. 

 Geometrical criterion 
In order to reject the undesired sound sources, a geometrical criterion is introduced. This  criterion 

constrains the range of the cross correlation function in which the main peak position is considered 
as the TDOA of the sound source of interest. According to the geometrical relation between each 
microphone and the corresponding surface of the test item, the maximum possible TDOA for a sound 
source on this surface is the maximum one of the four corners (illustrated in Fig . 1). By comparing 
the four TDOAs on the four corners, the maximum possible TDOA δij,max is determined. Therefore, 
for the cross correlation function of the microphone pair containing Mic i and Mic j, only the highest 
peak within the range -│δij,max│≤ δij ≤│δij,max│ is considered. 

By introducing this criterion, the peaks in the cross-correlation function formed by the undesired 
sound sources which are out of the surface of the satellite model will not be considered. Therefore, 
the interference sound sources are naturally rejected. 

2670



 

 

 
Figure 1 – Illustration of the geometrical criterion 

 Cyclical check 
The TDOA method finds the source position by looking for the intersection point of the 

hyperboloids. Sometimes a pure quantity of measurement of one microphone will lead to a wrong 
TDOA and therefore a wrong hyperboloid. In this situation, the system will fail to localize the true 
source position even if the other two hyperboloids precisely correspond to the TDOAs of the 
microphone pairs. 

In order to determine whether an intersection point is the true source position or not, a cyclical 
check procedure is introduced to check the time delay relations and to reject the wrong peaks in the 
cross-correlation functions of the measurement signals. The judgment is based on the following 
relation among the time delays of three microphone pairs that are formed by three microphones. When 
measuring the acoustic signal emitted from one single source s with two microphones Mic i and Mic 
j, the time delay of the two measurement signals are given by: 

=ij jk ik kj kicr r  (5) 

where τkj=│rjk│/c and τki=│rik│/c are the propagation time from the source Sk to Mic i and Mic j 
respectively. 

Therefore, for any point source Sk and three microphones Mic i, Mic j and Mic n, the following 
relation exists: 

    

    

ij kj ki

kj kn ki kn

nj ni

 (6) 

There are four microphones in each sub-array. Therefore, four three-microphone groups are formed. 
Those groups do not make Eq. (6) exist will not be used for localization. 

4. Experimental validation 
In order to validate the 16-Channel structure failure localization system, a series of experiments 

have been conducted. 

4.1 Set-up of the experiment 
The test set up is shown in Fig. 2. A series of cases are tested to localize impulse sources on the 

four vertical surfaces of a satellite model. These surfaces are numbered in such a way: Surface 1 is 
the front surface in Fig. 2, Surface 2 is the right surface facing the wall, Surface 3 is the back surface 
and Surface 4 is the left surface. Four microphone sub-arrays with four microphones in each one are 
set surrounding the model. Mic 1~4 facing Surface 1, Mic 5~8 facing Surface 2, Mic 9~12 facing 
Surface 3 and Mic 13~16 facing Surface 4. The distance from each surface of the model to the 
corresponding microphone array is 0.55 meter. The coordinate system is placed with the origin at the 
center of the first sub-array containing Mic 1~4. The x-axis lies on the horizontal plane pointing to 
the right when facing the model. The y-axis is placed horizontally pointing to the model, and the z-
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axis lies vertically pointing upwards to the ceiling. A series of cases are designed to verify the 
performance of the system. 

 
Figure 2 – The test set up 

4.2 Cases and results 
 Case 1: Two sources on different surfaces 

Two sound sources are designed in Case 1 to verify the performance of this system in localizing 
multiple sources in different surfaces. The first source S1 on Surface 1 is generated by hitting the 
surface with a small hammer twice and S2 is a small loudspeaker placed on Surface 4 playing a series 
of transient signals. The coordinates of the microphones as well as the sound sources are listed in 
Table 1.  

Table 1 – The coordinates of the microphones and the sources in Case 1 

Mic 1 Mic 2 Mic 3 Mic 4 S1 

(-0.25, 0, 0.33) (0.25, 0, 0.33) (0.25, 0, -0.33) (-0.25, 0, -0.33) (-0.1, 0.5, -0.25) 

Mic 13 Mic 14 Mic 15 Mic 16 S2 

(-0.92, 1.05, 0.33) (-0.92, 0.55, 0.33) (-0.92, 0.55, -0.33) (-0.92, 1.05, -0.33) (-0.42, 0.6, -0.15) 
 
The measurement signals of Mic 1 and Mic 16 are shown in Fig. 3 (a) and (b) respectively. In Fig. 

3, the low-frequency noise has been eliminated by a high-pass filter. The two measurement signals 
both contain the signals from both sources. The five transient signals which occur periodically every 
one second are emitted from S2 on Surface 4 while the other two impulses are the hitting sound of S1 
on Surface 1. Although S1 is on Surface 1 and Mic 16 is facing Surface 4, the amplitude of the signal 
from S1 is still larger than that from S2 in the measurement signal of Mic 16 according to Fig. 3(b).  

 
Figure 3 – The measurement signals of: (a) Mic 1, (b) Mic 16 
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By default, the system extracts the largest peak which occurs at around 0.92s for localization. This 
peak is the first transient signal emitted from S2. The localization results are shown in Fig. 4. S2 is 
localized at (-0.41, 0.62, -0.17) by Mic 14, Mic 15 and Mic 16. There is no localization result on any 
other surface of the test item. S1 is not found because the extracted time block only contains the signal 
from S2. 

 
Figure 4 – The localization result for S2 

In order to localize S1, the time-domain signal block at around 1.5s with the duration of 0.3s is 
extracted. The localization result is shown in Fig. 5. In this configuration, S1 on Surface 1 is localized 
at (-0.07, 0.5, -0.25) and no miscarriage of justice is made on other surfaces. . The localization errors 
for S1 and S2 are both 0.03m. 

 
Figure 5 – The localization result for S1 

 Case 2: Two sources on the same surface 
Two sound sources are both placed on Surface 1 in Case 2 to verify the capability of this system 

in finding multiple sources on the same surface. S1 is generated on Surface 1 by hitting the surface 
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with a hammer and S2 is a loudspeaker placed on the same surface playing a series of transient sounds 
with the interval of one second. The coordinates of S1 and S2 are (0.15, 0.5, 0.2) and (-0.22, 0.5, -0.2) 
respectively. 

By default, the sound source that is localized first is S1 which corresponds to the highest peak at 
around 2.12s. The localization result is shown in Fig 6. S1 is found at (0.16, 0.5, 0.16) by the three-
microphone group of Mic 1, Mic 3 and Mic 4. 

In order to localize S2, the signal segment extraction is reset. The center time is chosen at 2.8s and 
the time duration is set of 0.3s. The localization results are shown in Fig. 7. In this situation, S2 is 
localized by Mic 1 Mic 2 and Mic 4 at (-0.21, 0.49, -0.17). No miscarriage of justice is made on other 
surfaces. The localization errors for S1 and S2 are 0.0412m and 0.0332m respectively. 

 
Figure 6 – The localization result for S1 

 
Figure 7 – The localization result for S2 
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5. CONCLUSIONS 
This paper aims at establishing a non-contact structure failure diagnosis system by localizing the 

impulse sound sources corresponding to the potential structural failures. The CCF method of TDOA 
technique is adopted. In order to alleviate the reverberation effect due to the echoes from the 
reflections, the low-quefrency filtering technique is utilized as a dereverberation pre-processing 
approach. By involving this technique, the robustness of the localization system is improved to a great 
extent.  

A 16-channel structure failure localization system is established thereafter. In order to reject the 
interference sound sources, two criteria, the geometrical criterion and the cyclical check criterion, are 
introduced. A series of experiments are conducted to verify the performance of this system. The results 
show that the system can localize multiple sources on different surfaces, and even multiple sources 
on the same surface of the test item accurately (the maximum localization error is about 4cm) in a 
short time (less than two minutes in this experiment). The localization results are shown both in the 
image format and as the coordinates to help users to find the locations of the structure failures easily.  
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sensing on rigid spherical microphone array data
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Abstract
The estimation of acoustic reflection coefficients from in-room measurements using one or more sources and micro-
phone arrays has been addressed in various ways. One particularly illustrative method is the plane wave decompo-
sition. Peaks in this representation can be assigned to the location and strength of mirror image sources. Traditional
approaches employ rigid spherical microphone arrays together with modal beamforming. Compressive sensing (CS)
techniques aim at spatial undersampling by assuming sparsity of the sound field in some given representation. By
careful design of the sensing matrix, the number of required measurements can be considerably reduced compared to
Nyquist sampling and reconstruction.

However, often sparsity of the problem at hand is not given and a sufficient low mutual coherence of the sensing
matrix is violated, yielding CS reconstruction with low robustness. We aim at robust detection of early, discrete reflec-
tions by means of CS using rigid spherical microphone array data. We discuss the interaction of room characteristics,
sensing matrix and technical measures to qualify the detection performance. The influence of practical limitations,
like the number of microphones and their self-noise is investigated, as well as the overall gain of applying CS to the
problem compared to traditional modal beamforming techniques.
Keywords: early room reflections, microphone array, sound field analysis, modal beamforming, compres-
sive sensing

1 INTRODUCTION
Direction of arrival (DOA) estimation using sensor arrays is a well addressed problem in array processing, for
which different approaches with advantages and disadvantages exist [1]. Spherical microphone arrays allow for
DOA estimation by beamforming in the modal domain using spherical harmonics (SHs). With the advent of
high computational power, the modal plane wave decomposition (PWD) with specific weights (such as matched
filter characteristics, delay-and-sum, minimum variance distortionless response) became a useful tool for rigid
and open sphere microphone array measurements featuring full audio bandwidth [2]. Compressive sensing (CS)
techniques [3] have been increasingly utilized for acoustic problems in the last decade [4]. CS allows for highly
undersampling the signals with – in the ideal case – perfect reconstruction, but only if sparsity in a certain
(unknown and/or unaccessible) signal domain holds. Naturally, CS was soon applied to acoustic beamforming
and DOA estimation, e.g. [5, 6], in the presented scenarios outperforming the aforementioned approaches.
Reconstruction of reverberant sound fields by CS was pursued e.g. in [7, 8], indicating very good reconstruction
for the very early part of a sound field and for very low audio frequencies.

In this contribution, we aim at reliable DOA estimation of early room reflections [9], i.e. peaks of the room
impulse response arriving considerably earlier than the so called mixing time [10] of the room. We compare
a traditional PWD approach against one based on CS. Since rigid spherical microphone arrays in range of 4-
15 cm radius are nowadays available for practical in-situ room measurements, we concentrate on these designs,
rather than randomly sampled or larger aperture microphone arrays. The question arises if CS can be profitably
deployed for DOA estimation under these circumstances rather than the PWD approach.
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2 METHOD AND SETUP
We approach the evaluation by a specific example, mainly following the study [9], where the DOAs of room
reflections and their respective wall absorption coefficients were estimated by a PWD. The room under discus-
sion has a size of (widthx, lengthy, heightz) = (10, 11, 3) m. The source is located at xS = (7,8,1.8)Tm, where
x = (x,y,z)T denotes a vector in Cartesian coordinates. The receiver position is xR = (2.1,4.5,1.8)Tm. The room
walls shall be built from brick, i.e. a frequency independent absorption coefficient of 0.15 is assumed. The sim-
ulations use a sampling frequency of fs = 16kHz and a speed of sound of c = 343m/s. The perceptual mixing
time is predicted [10] to tmp,50% = 31.2ms and tmp,95% = 54ms. Thus, we restrict our discussion to the time
window 0 ≤ t ≤ 40ms, where the assumption of ’incidence angle over time’-sparsity for the reflections should
be valid. For this time window the direct sound and 31 reflections from up to 4th order mirror image sources
arrive at the microphone array, cf. the detailed list in Figure 5. Only for the simplified and introductionary
scenario discussed in Figure 1, a 1st (instead of 4th) order image source model with fully absorbing floor
and ceiling (instead of brick) is used, while maintaining all other parameters described above. In the acoustic
impulse response this results in 1st order reflections in the horizontal plane only.

The temporal domain acoustic transfer matrix AN×t×M (in CS usually termed sensing matrix) between plane
wave incidence and microphone array receivers is built from fixed spherical Lebedev grid’s M = 1202 angle
pairs (azimuth φm, colatitude θm) of plane wave incidence to N = 14,26,38,or170 microphones arranged on a
spherical Lebedev grid (φn,θn) with radius RN = 0.1m centered at position xR. As stated above, we do not
deploy random sampling for the microphone array positions, since we are rather interested in using already
built rigid sphere microphone arrays. In consequence, using the Lebedev grid both for receiver as well as for
the DOA dictionary, leads to a rather high mutual coherence. Note that monte carlo simulations for plane wave
incidence on rigid spherical microphone arrays (not discussed here) indicate that random sampling does not
necessarily decrease mutual coherence compared to regular sampling schemes.

The measurement matrix yN×t of room reflections from (φis,θis) impinging onto (φn,θn) of the rigid mi-
crophone array is obtained by the image source model, being implemented in the SH and temporal frequency
domain using sufficient temporal resolution. Inverse spatial and temporal Fourier transforms yield the acoustic
impulse responses yN×t for the N microphones. Uncorrelated white Gaussian noise with dedicated signal peak
to noise variance ratio is (if any) then added to simulate sensor noise. Note that this simple additive noise
model holds only for impulse response measurements by impulsive excitation, cf. [11].

DOA estimation via the plane wave decomposition includes matched filtering in the SH domain, yielding
a high frequency independent white noise gain, cf. [9] for details. The PWD matrices p[N]φm×θm×t for the
N = 14,26,38,170 microphone grids and their conservatively chosen corresponding SH orders 2,3,4,10 are
obtained by inverse SH transform for all plane wave dictionary entries (φm,θm). Typically, either one angular
dependency over time is conveniently visualized in a surface plot, cf. [9, Fig. 6], or θ over φ is plotted for a
fixed time instance, cf. [2, Fig. 5.6].

DOA estimation by means of compressive sensing uses orthogonal matching pursuit (OMP) [3, Ch. 4] in
its implementation in Python’s scikit-learn package. A sliding window with length tw = 0.75ms (according to
a chosen sound path of 2.5725RN, i.e. 12 samples at fs) for all considered t is utilized to solve the system
of equations yN·tw×1 = AN·tw×M · xM×1 (matrix/vector stacking) for xM×1 with OMP. We search for 3 non-zero
coefficients in xM×1 per time frame. This seems to be arbitrary, but is linked to the temporal coincidence of
certain reflections. Thus, this choice is highly dependent on the room characteristics. Then, finding a specific
OMP solution for a specific t, the sparse matrix xM×t with 3M non-zero coefficients is obtained. Explicitly
rearranging for plane wave incidence angles and considering the different microphone array grids N gives the
DOA matrices x[N]φm×θm×t using CS-OMP beamforming.

Feel free to use the paper’s dedicated Jupyter notebook1 to conduct own simulations.

1https://github.com/spatialaudio/doa-early-room-reflections-pwd-vs-omp
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3 RESULTS AND DISCUSSION
In the following we aim at direct comparison of both, PWD and CS-based DOA matrices p[N]φm×θm×t and
x[N]φm×θm×t using the same setups. These raw data could be used to compute DOA estimates by e.g. a blob
or peak detection.

For the three-dimensional (3D) DOA results over time, the four dimensions φ , θ , t and level of the early
reflections are to be visualized for presentation. The following scatter plots seem to be a reasonable way to do
so. Note, that normal surface plots can easily provide a misleading picture of 4D data, especially when being
sparse. The left scatter plots in the figures show DOA as level over azimuth over time. The right scatter plots
show DOA as level over colatitude over time. The top scatter plots show PWD based DOA matrix |pφm×θm×t |
in dB. The bottom scatter plots show CS-OMP based DOA matrix |xφm×θm×t | in dB. The level is normalized
to 0 dB for the direct sound and exhibits a visible range from -10 dB to 1 dB. Under the assumption that
mirror image sources / reflections behave like point sources, their amplitude decay ∝ 1/r over distance r can
be compensated for. This is simply achieved by estimating 1

r = 1
ct from the traveling time t starting from the

direct sound arrival. The method is actually exact for images sources of 1st order, only. Otherwise, for higher
order image sources (multiple wall reflections) the absorption coefficients must be rather low, in order that this
compensation is meaningful.

Color and size of the scatter circles indicate level. In the top left corner of each subplot two reference circles
are included, not to be mistaken with estimated reflections: The large yellow circle indicates the size for 0 dB

Figure 1. Early room reflections’ DOA over time. Left: azimuth, right: colatitude, top: PWD |pφm×θm×t | in
dB, bottom: CS-OMP |xφm×θm×t | in dB. Rigid microphone array, spherical Lebedev grid with 170 receivers, 1st
order image source model, fully absorbing ceiling and floor, no additive noise.
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level, the small black circle -10 dB. Circle’s radius in between is varied linearly in terms of dB. A small white
dot and a green number right above it indicate the reference position of an image source. Numbering is sorted
according to traveling time. Scatter plots could be improved in future by overlaying low to high levels.

Since the degree of freedom for variation of parameters is huge, we restrict the discussion to four prototypical
scenarios with distinct features. The results for the first scenario are depicted in Figure 1 for N = 170 and 1st
order image sources in a room with fully absorbing ceiling and floor (cf. courtyard with snow-covered meadow).
This rather artificial scenario links to the setup used in [9] and aims at introducing the visualization strategy. It
can be seen, that both, the PWD and the CS-OMP, could reliably detect all five DOAs (direct sound at 17.556
ms due to |xS− xR| = 6.02m as well as the four reflections from the four walls) in the horizontal plane. The
PWD exhibits the typical elliptical shapes around level maxima (here i.e. the main lobe) in this visualization,
which correspond to circular beam patterns mapped on a sphere. A robust blob detection in searching for level
maximum matching the focal point of the ellipses / circles would rely on a clear separation of these shapes
(no smearing of grating and side lobes). OMP by design exhibits sparse DOA events. Even in this simple
scenario multiple detection of certain DOAs occur, cf. prominent slightly misaligned around events 1 and 2,
which however would not provide misleading results as they can clearly distinguished from the maximum level
entry at about the same time instance.

The second scenario for Figure 2 uses N = 170 receivers, all walls built from brick and image sources up to
4th order. Thus, the DOAs of the direct sound and 31 reflections are to be estimated. Ellipses within PWD can
be distinguished clearly by visual inspection up to the 11th mirror image source. The clusters around 33 ms

Figure 2. Early room reflections’ DOA over time. Left: azimuth, right: colatitude, top: PWD |pφm×θm×t | in
dB, bottom: CS-OMP |xφm×θm×t | in dB. Rigid microphone array, spherical Lebedev grid with 170 receivers, 4th
order image source model, all walls brick (absorption coefficient 0.15), no additive noise.
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and around 39 ms are likely not detectable, whereas in between certain reflections are prominently isolated, cf.
mirror image source 20. This is again highly dependent on the room characteristics. The CS-OMP based DOA
is highly precise if the DOA was correctly found, which is here always the case.

The third scenario for Figure 3 uses N = 170 receivers, all walls built from brick, image sources up to 4th
order and uncorrelated white noise added to the receivers with rather high peak to noise ratio of 10 dB. This
is chosen to conveniently discuss the general effect of noisy measurements when comparing our PWD and CS-
OMP DOA methods. Recall that we compensate for the 1/r amplitude decay, which raises noise with increasing
time. This degrades the DOA results in the PWD as well as in the CS-OMP. The characteristics are however
different. Visual inspection allows for robust DOA estimation up to the 11th event in the PWD, the same as
for the example without noise. These ellipses are not degraded too much by the noise. CS-OMP based DOA
becomes blurry for t > 27.5ms. Also the first 5 mirror image sources are not indisputable, but uncritical for
robust DOA estimation. However, this blur leads to an increasing amount of DOA clustering for increasing
time. While PWD estimation would ensure robust estimation of the first 11 mirror image sources, this is not
save for CS-OMP in this example, cf. false positives with high levels around events 11, 17 and 18. Conversely,
with CS-OMP a robust-like detection of e.g. event 14 in very noisy data would be possible, where PWD data
would fail.

The fourth scenario for Figure 4 uses N = 14 receivers, all walls built from brick and image sources up to
4th order, no noise. Thus, one prerequisite for CS, N � M, is best met. Moreover, N is about half as the

Figure 3. Early room reflections’ DOA over time. Left: azimuth, right: colatitude, top: PWD |pφm×θm×t | in
dB, bottom: CS-OMP |xφm×θm×t | in dB. Rigid microphone array, spherical Lebedev grid with 170 receivers,
4th order image source model, all walls brick (absorption coefficient 0.15), 10 dB signal peak to noise variance
ratio.
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number of early reflections to be estimated by DOA, which should be considered as a challenging scenario
even without noise. Robust DOA estimation based on the PWD data by visual inspection is meaningful for
direct sound and first two reflections. Fourth and fifth events can not be reliably separated. The CS-OMP based
DOA is blurry. The blur characteristics are different to the previous example. For N = 14, the blur is spread
over whole time range due to sparse spatial sampling, whereas for N = 170 the blur becomes more prominent
for increasing time due to the 1/r compensation and thus increased noise level. Robust detection with CS-OMP
would be possible for the events 1 to 9. For all other events, false positives exhibit levels that could not be
ignored when assigning early reflections on a blind basis. For example note that, the false positives at 24 ms
with considerable level suggest a further reflection besides 4th and 5th mirror image source.

4 CONCLUSION
We presented a study comparing DOA estimation for early room reflections. Since for these, sparsity in the
acoustic impulse response can be assumed, it appeared desirable to apply compressive sensing based beamform-
ing. In particular we utilized rigid microphone arrays with spherical Lebedev grids, as these are most practical
for fast in-situ measurements. We compared DOA by matched filter plane wave decomposition and by com-
pressive sensing using orthogonal matching pursuit with a sliding window and up to 3 non-zero coefficients per
window. A consistent comparison for 3D data over time was missing so far to the authors knowledge. Our
simulations and the brief presentation of four special cases indicate that both approaches generally are suitable

Figure 4. Early room reflections’ DOA over time. Left: azimuth, right: colatitude, top: PWD |pφm×θm×t | in
dB, bottom: CS-OMP |xφm×θm×t | in dB. Rigid microphone array, spherical Lebedev grid with 14 receivers, 4th
order image source model, all walls brick (absorption coefficient 0.15), no additive noise.
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for DOA estimation with proper parametrization, which is already known in literature. However, the imple-
mented compressive sensing approach not necessarily yields outperforming results compared to traditional plane
wave decomposition. Especially, when aiming at the exact count and robust DOA of early room reflections,
compressive sensing might be not the optimal solution. This is not a flaw of the technique itself, but rather
due violation of prerequisites, such as low mutual coherence of the sensing matrix and signal sparsity in the
problem under discussion. For both, degrees of freedom in changing parameters is rather low.
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# phi/deg theta/deg r/m t/ms #image source order
1 , 36 , 90 , 6.022 , 17.556, 1*
2 , 36 , 68 , 6.482 , 18.899, 1
3 , 36 , 121 , 7.016 , 20.454, 1
4 , 36 , 135 , 8.501 , 24.783, 2
5 , 36 , 45 , 8.501 , 24.783, 2
6 , 159 , 90 , 9.75 , 28.425, 1*
7 , 159 , 76 , 10.041 , 29.274, 2
8 , 36 , 36 , 10.335 , 30.132, 3
9 , 159 , 110 , 10.393 , 30.301, 2
10 , 63 , 90 , 10.689 , 31.164, 1*
11 , 63 , 77 , 10.955 , 31.94, 2
12 , 63 , 109 , 11.279 , 32.884, 2
13 , 36 , 148 , 11.332 , 33.039, 3
14 , 159 , 122 , 11.448 , 33.377, 3
15 , 18 , 90 , 11.448 , 33.377, 1*
16 , 159 , 58 , 11.448 , 33.377, 3
17 , 18 , 78 , 11.697 , 34.102, 2
18 , 18 , 107 , 12.001 , 34.988, 2
19 , 63 , 119 , 12.258 , 35.738, 3
20 , 63 , 61 , 12.258 , 35.738, 3
21 , 159 , 49 , 12.869 , 37.52, 4
22 , 18 , 118 , 12.925 , 37.683, 3
23 , 18 , 62 , 12.925 , 37.683, 3
24 , 134 , 90 , 13.155 , 38.353, 2
25 , 134 , 80 , 13.372 , 38.986, 3
26 , 36 , 153 , 13.426 , 39.143, 4
27 , -69 , 90 , 13.426 , 39.143, 1*
28 , 36 , 27 , 13.426 , 39.143, 4
29 , 63 , 52 , 13.595 , 39.635, 4
30 , -69 , 80 , 13.639 , 39.764, 2
31 , 134 , 105 , 13.639 , 39.764, 3
32 , 159 , 135 , 13.683 , 39.892, 4

Figure 5. All DOA of the room under discussion for t < 40ms calculated by 4th order image source model
(direct sound #1 and reflections #2-#32). * indicates horizontal 1st order mirror image sources for scenario 1.
Angles rounded to integer for clarity.
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ABSTRACT 

Broadband local sound field reproduction over an extended spatial region is a challenging problem when 
only limited transfer function measurements are available. An approach based on acoustics modeling is 
proposed in this paper to reduce the required number of transfer function measurements in local sound field 
reproduction. The proposed method only requires measuring the transfer functions from each source to a few 
samples over the boundary of the controlled region, and the transfer functions to the samples inside the 
controlled region are then estimated through efficient acoustic modelling. Simulations demonstrate that the 
proposed method requires fewer transfer function measurements than existing methods such as the least 
squares and the spatial harmonic decomposition methods. 
 
Keywords: Sound field control, Spatial audio, Acoustic modelling 

1. INTRODUCTION 
Local sound field reproduction delivers a sound field within a given region of space (1-3). A simple 

approach uses multiple microphones as matching points and derives the loudspeaker weights based 
on the least square (LS) match (4, 5). It allows arbitrary loudspeaker placement but requires the 
knowledge of the transfer functions between the loudspeakers and the matching points. One remaining 
challenge is to design effective systems with a practical number of microphones in the transfer 
function acquisition. 

According to the Kirchhoff-Helmholtz integral equation, an interior sound field can be expressed 
by the integral of the sound pressure and its gradient over the boundary of the region (6). Therefore, 
the transfer functions from each source to the region samples can be estimated from those to the 
samples over the boundary, as long as there are sufficient measurements on the boundary. 
Unfortunately, limited measurements with a small number of microphones are often used in practice 
due to the cost and efficiency. 

The spatial harmonic decomposition (SHD) method (7, 8) provides a practical way to determine 
the transfer function between each loudspeaker and every point in the reproduction region. In this 
method, the transfer functions over a region are effectively parameterized by the superposition of 
spatial harmonics. For two dimensional sound field reproduction, the spatial harmonics are the 
cylindrical wave functions, and the required number of boundary samples is proportional to the square 
of the product of the frequency and the size of the region. However, this method becomes impractical 
when a large number of measurements are required to reproduce a sound field over a broad region or 
a broad frequency band. 

In this paper, an approach based on acoustic modeling (AM) is proposed to facilitate broadband 
local sound field reproduction with fewer transfer function measurements. In the proposed method, 
an acoustic model is constructed based on the prior information of the loudspeaker location. Then, the 

                                                        
1 Qiaoxi.Zhu@uts.edu.au; Xiaojun.Qiu@uts.edu.au; Ian.Burnett@uts.edu.au 
2 p.d.coleman@surrey.ac.uk 
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acoustic model is used to estimate the transfer functions over the reproduction region from 
measurement at a few samples over the boundary. Compared to the spatial harmonic method, the 
acoustic model can better match the actual transfer functions by using information on the control 
region and the loudspeaker location. 

 

2. LOCAL SOUND FIELD REPRODUCTION 

2.1 Least Squares Method 

The least squares method minimizes the reproduction error over the desired region at each 
frequency, 

2

des 2
min 

w
Hw p , (1) 

where pdes represents the desired sound pressure values at V sound field samples produced by a virtual 
source, and H represents the transfer function matrix between L loudspeakers and the sound field 
samples. The loudspeaker weights are derived as 

des
w H p , (2) 

where the upper script “+” denotes the Moore–Penrose inverse, that H+=(HHH+δI)1HH and δ > 0 is 
the regularization parameter to avoid ill-conditioning. The spacing between the samples should be 
less than half a wavelength (λ/2), to ensure accurate reproduction over the region (4). Considering a 
circular region with a radius of r, the required number of samples is 

 
 22

2

π

π2

krr
V


  , (3) 

where the wavenumber k = 2π/λ. The required number V can be very large for an enlarged reproduction 
region or a broad frequency band, resulting in impractical numbers of the transfer function 
measurement. 
 

2.2 Spatial Harmonic Decomposition Method 

In the spatial harmonic decomposition method (7), the transfer function matrix H is estimated from 
HM. HM denotes the transfer functions measured at M samples over the boundary of the reproduction 
region. The parameterization of the acoustic transfer functions over the circular region is obtained 
through spatial Fourier transformation fSHD over the measured samples, 

 SHD SHD Mfa H . (4) 

Then, the transfer function matrix H is estimated with the inverse transformation for sound field 
samples, that 

 1
SHD SHD SHDf H a . (5) 

Based on the transfer function estimation, the loudspeaker weights are derived as 

+
SHD SHD desw H p . (6) 

In this method, the required number of measured boundary samples is 

2 e 1M kr  . (7) 

Compared to (3), the spatial harmonic decomposition method requires much smaller number of 
samples when kr >> 1. 
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2.3 Acoustic Modelling Based Method 

In the proposed method, an acoustic model is constructed to calculate the transfer function between 
the ith loudspeaker (i=1, 2, …, L) and the reproduction region from the measured transfer functions 
at M boundary samples. The acoustic model includes a set of randomly distributed monopole point 
sources around the known location of the ith loudspeaker. The ‘cloud’ of point sources around the 
loudspeaker location is applied because the exact loudspeaker location and radiation feature are not 
always available in practice. It is used to model the unknown spatial sound radiation features of the 
loudspeaker to the reproduction region. The relationship between the transfer functions to the M 
measured boundary samples and those to the V sound field samples is 

  1H H
A, A-M, A-M, A-M,i i i i i

    
T h h h I h , (8) 

where hA,i and hA-M,i are respectively the transfer function matrix between the acoustic model of the 
ith loudspeaker and the sound field samples or the boundary samples, and λ>0 is the regularization 
parameter to avoid ill-conditioning. The transfer functions hA,i and hA-M,i are theoretically calculated 
by the acoustic model, rather than obtained from measurements. Based on this relationship, the 
estimation of H is  

AM AM,1 AM,2 AM,... L   H h h h     (9) 

where  

AM,1 M,i ih Th  (10) 

and hM,i is the ith column of the measured transfer function matrix HM over the boundary samples. 
Then, the loudspeaker weights are derived as 

+
AM AM desw H p . (11) 

Compared to modelling each loudspeaker as a monopole point source in the authors’ previous work 
(9), the new model can be adaptive to the unknown loudspeaker’s radiation feature and robust to the 
loudspeaker’s location mismatch. 

3. SIMULATIONS 

3.1 Comparison among Different Methods  

The proposed acoustic modelling based method is compared with the least squares method and the 
spatial harmonic decomposition method. As shown in Fig. 1(a), the desired sound field is produced 
by a point monopole source located at (2.0, 0.0) m, and is labeled as virtual source in the figure. The 
reproduction region is centered at (0.0, 0.0) m, with a radius of 0.2 m. A uniform line array of 5 
loudspeakers is used to reproduce the local sound field. The loudspeakers are located at x = 0.4 m 
and y = 0.4 m ~ 0.4 m. Each loudspeaker is set as a point monopole source. Since the spacing between 
the loudspeakers is 0.2 m, the aliasing frequency of the array is 850 Hz. 

The least squares, spatial harmonic decomposition and the proposed acoustic modelling based 
methods are compared, when the transfer functions are measured at 16 boundary samples. The 
reproduction error is present in Fig. 1(b), which is defined as 

2

1
10

2

1

( ) ( )
MSE( ) 10 log

( )

V

v v
v

V

v
v

p f p f
f

p f













. (12) 

where pv is the desired sound pressure and vp  is the reproduced sound pressure at the vth sound field 

sample. The metric is evaluated by V = 5025 grid samples, with 0.005 m spacing over the reproduction 
region.  
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(a)                                    (b) 

Figure 1 – (a) The system geometry of the local sound field reproduction employing transfer function 

measurement at 16 boundary samples. (b) The reproduction error of the least squares, spatial harmonic 

decomposition and the proposed acoustic modelling based methods, employing transfer function 

measurement at 16 boundary samples, and the least squares method employing full transfer function 

measurement over the reproduction region as reference.  

 
As shown in Fig. 1(b), the SHD method performs the worst and suffers the inaccuracy caused by 

the zeros of the Bessel functions impacting the measurement. The proposed method employing 16 
samples has better accuracy than the least squares method with the same samples and achieves the 
same performance with the least squares method employing 5025 samples (Full Meas.) over the region. 
The ‘Full Meas.’ indicates the ‘ideal’ reproduction error achieved by the same loudspeakers with 
sufficient microphones, which is free of the degradation caused by reduced sound field sampling. 
 

3.2 Reproduction Error with Reduced Number of Samples 

Figure 2 presents the performance of different methods employing fewer transfer function 
measurements. With decreasing number of transfer function measurements, all the three methods have 
performance degradation. However, the proposed acoustic modelling based method performs better 
than the least squares and spatial harmonic methods with the same transfer function measurements 
employed. Furthermore, the proposed acoustic modelling based method achieves reproduction error 
less than 10 dB over 100 Hz to 2500 Hz, even with 2 boundary samples. Table 1 presents the 
performance averaged over 40 uniform samples between 100 Hz and 4000 Hz. It shows the proposed 
method using 4 microphones achieves the same performance with the least squares method using 5025 
microphones throughout the region. Besides, the proposed method using 2 microphones has only 1.4 
dB broadband degradation compared to the least squares method using 5025 microphones throughout 
the region.  

 

Table 1 – The mean square error (dB) of the local sound field reproduction averaged over 100 ~ 4000 Hz, 

using the LS, SHD and AM methods, employing different number of sound field samples in the transfer 

function measurement, respectively. 

Method 
Number of measured sound field samples 

1 2 4 16 5025 

LS 1.5 2.1 7.1 11.5 14.6 

SHD 6.4 4.3 3.7 6.6 

AM 6.4 13.2 14.6 14.6 
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(a)                                    (b) 

 
(c)                                    (d) 

 
(e)                                    (f) 

Figure 2 – The system geometry and the reproduction error of the least squares, spatial harmonic 

decomposition and the proposed acoustic modelling based methods, employing transfer function 

measurement at 4 boundary samples in (a) and (b), 2 boundary samples in (c) and (d), 1 boundary sample in 

(e) and (f), and the least squares method employing full transfer function measurement over the 

reproduction region as reference. 

 

4. CONCLUSION 
An approach based on acoustic modeling is proposed to reduce the number of the transfer function 

measurement for implementing local sound field reproduction. In the proposed method, the acoustic 
model is constructed for each loudspeaker by the information of its location. The acoustic model is 
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applied to estimate the transfer function between each loudspeaker and each sample of the 
reproduction region. Simulation shows that the proposed method performs better than the spatial 
harmonic decomposition method and the least squares method when employing the same number of 
transfer function measurements. Furthermore, the proposed method requires much fewer transfer 
function measurements to achieve the same the broadband local sound field reproduction with the 
conventional least squares method. However, the simulation only considers sound sources with simple 
radiation features. Future work includes experimental validation on a real-world local sound field 
reproduction system.  
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Abstract
To give the information to only the target person by sound, we have been researching about forming audible spot
with two parametric speakers. By transmitting modulated ultrasounds from each speakers respectively, audible
spot is formed only at the cross point of them. However, because of frequency characteristics of parametric
speakers, the area of audible spot is changed when the frequency of played sound is changed. To deal this issue,
we propose control method of sound pressure for forming stable audible spot in this paper. In proposed method,
sound pressure of transmitted sound is controlled as same level at every frequency. By keeping constant sound
level at every frequency, it is also expected to keep constant area of audible spot at every frequency. Proposed
method was evaluated by indoor environment. As the result, area change was suppressed from 70 % to 10 % by
introducing control method, and the availability of proposed control method was confirmed.
Keywords: Parametric speaker, Audible spot, Single side band modulation

1 INTRODUCTION
1.1 Background
Audio assist is often used to give the information at museums, stations, and so on. In case a normal loudspeaker
is used for audio assist, because the sound diffuses spherically from the loudspeaker, giving the sound to only
the target person is difficult. To solve this problem, a parametric speaker is sometimes used. A parametric
speaker consists arrayed ultrasonic speakers, and it has high directivity[1, 2, 3]. Transmitted ultrasound with
modulation is demodulated to audible sound by acoustic non-linearity of the air. By high directivity of a
parametric speaker, the information can be given to the particular direction. Some systems using a parametric
speaker are already used for practical[4]. However, there is the problem caused by high directivity. Because
a parametric speaker emits the sound in one direction with high power, the sound propagates straightly with
low attenuation. In this case, reflected sounds from a wall, floor, ceiling reach to no-target person. Then, the
technique to form audible spot instead of audible direction is required.

1.2 Related research
There are some studies to form audible spot. For example, Fukasawa et al. developed the system to form audi-
ble spot using 128 speakers placed around the area of 5m square[5]. They could form four audible spots in the
area with such a large scale system. To develop more smaller scale system, Matsui et al. proposed audible spot
forming system using two parametric speakers[6]. They achieved forming audio spot by transmitting modulated
signals by a kind of amplitude modulation from each speaker. However, there is the problem that the area of
audible spot is changed when the frequency of played sound is changed. To form stable audible spot, additional
method is needed.
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1.3 Approach
To deal above issue, we propose control method of sound pressure for forming stable audible spot with two
parametric speakers in this paper. In proposed method, sound pressure of transmitted sound is controlled as
same level at every frequency. By keeping constant sound level at every frequency, it is also expected to keep
constant area of audible spot at every frequency. Audible spot is formed in indoor environment using proposed
method, and sound field is measured for evaluation and discussion.

2 METHOD
For playing audible sound with a parametric speaker, the modulation considering acoustic non-linearity of the
air is used. A career signal transmitted from a parametric speaker vc(t) and required audible sound vs(t) are
defined as follows:

vc(t) = Ac sin2π fct, (1)
vs(t) = As sin2π fst. (2)

Ac and As are amplitudes of a career signal and audible sound, fc and fs are frequencies of them, t is the time.
As the modulation method, double side band (DSB) modulation which is a kind of amplitude modulation is
often used[7]. Modulated signal by DSB based on Eq. 2 for playing Eq. 1 is given as follows:

vdsb(t) =Ac sin2π fct +
As

2
sin2π( fc + fs)+

As

2
sin2π( fc − fs)t. (3)

The first term is a career signal, the second one is upper side band (USB) signal and the third one is lower
side band (LSB) signal. By transmitting vdsb(t) from one parametric speaker, vdsb(t) is demodulated due to
acoustic non-linearity of the air, and difference tone between a career signal and USB signal or LSB signal at
the frequency of fs. Single side band (SSB) modulation which is simplified DBS is also used[8]. Modulated
signal by SSB is given as follows:

vssb(t) = Ac sin2π fct +
As

2
sin2π( fc − fs)t. (4)

In SSB, USB is omitted from DSB. Compared to DSB, audible sound vs(t) played by SSB modulated signal
has half the amplitude but harmonic distortion is suppressed.
A career signal and a side band signal are transmitted from one parametric speaker. Then, audible area spreads
in the direction of transmission. In this research, for forming audible spot, a career signal and a side band
signal are transmitted from two parametric speakers, respectively. By separating them, audible area is formed
only at the cross point of them. For high audio quality, SSB modulation is used in this system. A signal
transmitted from the first speaker vssb1(t) and that from the second speaker vssb2(t) are given from Eq. 4 as
follows:

vssb1(t) = Ac sin2π fct, (5)

vssb2(t) =
As

2
sin2π( fc − fs)t. (6)

However, because of frequency characteristics of parametric speakers, amplitudes of a career signal and a side
band signal, Ac and As/2, change with the frequencies of them. In case that, the area of audible spot also
changes. To keep constant area, Ac and As/2 are controlled at every frequency as follows:

Ac =
As

2
. (7)

By introducing this control method, it is expected to form stable audible spot at every frequency.

2691



��� ��

��� ��

��� ����� ��

�

�

��	
��

����

�����


��� �

�������

�����


��� �

�������

��� ���

��� !
����"

�
��

Figure 1. Experimental configuration.
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Figure 2. Frequency - sound pressure char-
acteristics of speakers when input voltage is
2 Vpp.
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Figure 3. Input - sound pressure characteristics of (a) speaker No. 1, (b) speaker No. 2.

3 EVALUATION EXPERIMENT
To evaluate the performance of proposed method, the experiment was performed.

3.1 Experimental configuration
Figure 1 shows experimental configuration. Two parametric speaker, No. 1 were No. 2, are located at the
distance of 500 mm from audio spot forming point. Directions of transmission from each speaker were crossed
at the angle of 90 degree. vssb1 and vssb2 were transmitted from the speaker No. 1 and No. 2, respectively.
The cross point of transmitted directions defined as {x,y}= {0,0}, and sound field was measured by obtaining
acoustic signals using the microphone at some points. Measurement points were set as every 9 mm in the
x range from -90 mm to 90 mm and the y range from -90 mm to 90 mm. This is the experiment for a
basic study. Then, the side band signal which has single frequency was transmitted from the speaker No. 2,
and audible sound which has single frequency was played. In this experiment, to play audible sound at the
frequency fs =0.1 to 2 kHz, the frequency of the career signal ( fc in Eq. 5) was set as 40 kHz, and that of the
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Figure 4. Measured sound fields when (a) fs = 0.1 kHz, (b) fs = 1 kHz, (c) fs = 2 kHz. (i) Results without
control, (ii) with control.
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Figure 5. The area of audible spot.

side band signal ( fc − fs in Eq. 6) was set as 39.9 to 38 kHz.
Figure 2 and Figure 3 show frequency - sound pressure characteristics when input voltage is 2 Vpp and input
- sound pressure characteristics of speakers. The horizontal axes represent the frequency and input voltage, re-
spectively, and the vertical axis represents sound pressure. Sound pressures under each situation were measured
at the distance of 500 mm. As shown in Figure 2 and Figure 3, these characteristics can be approximated as
linear equation. Using this characteristics, sound pressures of the career signal and the side band signals were
controlled as Eq. 7. In particular, As/2 was adjusted to Ac at each frequency.

3.2 Experimental results
Figure 4 shows measured sound fields. Figure 4(a), (b) and (c) show results when fs ware 0.1, 1 and 2 kHz.
Figure 4(i) and (ii) show results without control and with control. The color indicates sound pressure level
(SPL) of each fs. When fs was 1 kHz, it can be seen that high SPL spots were formed around {x,y}= {0,0}
in both case without control and with control. Middle SPL part observed around high SPL spots seems to be
the effect of side lobes of each speaker. In results without control, decrement of the area of high SPL spot with
increment of fs can be seen. This is because that the amplitude of the side band signal declines with decrement
of the frequency from 40 kHz as shown in Figure 2. On the other hand, comparing with with results without
control, the area of formed high SPL spot with control seems not to change.

3.3 Discussion
To evaluate about changes of the area of audible spot quantitatively, the area was measured. Audible area
was defined as the spot that SPL is higher than 60 dB. Figure 5 shows the change of the area of audible
spot. The horizontal axis represent the frequency of audible sound fs, and the vertical axis represents the
area of audible spot. As shown in the result without control, the area decreased approximately 70 % with the
increasing frequency. In the result with control, area change was suppressed to approximately 10 %. As results,
the availability of proposed control method was confirmed. However, audible sound which has single frequency
was played in this experiment. Therefore, we will study about forming audible spot which includes multiple
frequency with proposed method in future work.

2694



4 CONCLUSION
In this paper, we proposed sound pressure control method for forming stable audible spot with two parametric
speakers. The area of formed audible spot without sound pressure control changes because of frequency char-
acteristics of speakers. To keep constant area of audible spot, sound pressure of transmitted sound is controlled
as same level at every frequency in proposed method. As the result of evaluation experiment, the availability
of proposed control method was confirmed. In future work, we will study about forming audible spot which
includes multiple frequency with proposed method.
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Left-right sound localization outside loudspeaker positions in stereo 
reproduction with parametric loudspeakers 

Shigeaki Aoki, Kouki Ito, Kazuhiro Shimizu, Suehiro Shimauchi  
Kanazawa Institute of Technology 

ABSTRACT 
The parametric loudspeaker is known as a super directional loudspeaker by using nonlinear interaction 
between ultrasounds. We present some listening test results in stereo reproduction with the parametric 
loudspeakers. At first, ILDs were used as binaural information. It was confirmed that the sound images 
reproduced by the parametric loudspeakers were perceptually localized more outside than those by the 
ordinary loudspeakers. Especially when the ILDs (Interaural Level Differences) were minus or plus infinity, 
the sound images by the parametric loudspeakers were localized outside the actual position of the 
loudspeakers, while the images by the ordinary loudspeakers were localized rather slightly inside. It was also 
confirmed that the sound images by the parametric loudspeakers can be controlled to be localized more 
explicitly outside by using HRTFs (Head-Related Transfer Functions) instead of ILDs as the binaural 
information. 
 
Keywords: Parametric loudspeaker, Sound localization, Super-directivity 

1. INTRODUCTION 
The parametric loudspeaker is known as a super directional loudspeaker based on nonlinear 

interaction between ultrasounds. The parametric loudspeaker is one of the prominent applications of 
nonlinear acoustics [1,2]. The main applications of the parametric loudspeaker are monaural 
reproduction. It is expected that a stereo reproduction using the parametric loudspeakers will lead to 
enjoy music and make a conversation without other persons' annoyance and trouble.  

Recently, it was confirmed that parametric loudspeakers were available to stereo reproduction [3]. 
It was suggested that binaural information i.e. ILD (Interaural Level Difference) and ITD (Interaural 
Time Delay) had stronger effect on sound localization than in using ordinary loudspeakers. That is, 
sound images are localized in the more outside direction [4]. The influence of listener’s head in stereo 
reproduction using parametric loudspeakers is investigated [5]. Interesting characteristics of vertical 
sound image control with parametric loudspeakers are found [6]. Moreover, an audio system with good 
reality using the parametric loudspeakers has been investigated.  

In this report, the direction of sound localization between with the parametric loudspeakers and 
with the ordinary loudspeakers, which are set at angle of -30 and +30 degrees, are compared. The ILD 
is focused on as binaural information. The test method [4] is modified to make clear detailed 
characteristics. Moreover, in order to pursue the possibility of sound localization explicit outside the 
right and left loudspeakers, the listening tests are conducted not only with pure ILD but also with 
HRTFs (Head-Related Transfer Functions). The obtained listening test results are analyzed and 
discussed. 

2. LISTENING TEST I (WITH PURE ILD) 

2.1 Test condition 
The placement of the listener and the parametric loudspeakers is illustrated in Fig.1. The listening 

tests are conducted in an anechoic room. A young female and four young males with normal hearing 
ability attend. The relationship between the right and left loudspeakers and the listening pos ition are 
vertices of regular triangle with 1.8m length side. Both parametric loudspeakers are placed 0.3 m apart 
from the wall. The acoustical axis of the right or left parametric loudspeaker is set to the right or left 
ear of a listener, respectively.  
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The estimate paper is put on the wall for pointing the direction of sound localization. Meshes of a 
net are described on the paper. The origin points of x and y are the center and the level of both ears. The 
ranges of x and y are from -3.8 to +3.8 m and from -50 to +60 cm, respectively. The parametric 
loudspeaker was shaped as an equilateral hexagon. The inner and outer diameters were 99 mm and 112 
mm, respectively. 

 

 
 
Figure 1 – Loudspeakers and listening positions. The relationship between the right and left loudspeakers and 

the listening position are vertices of regular triangle with 1.8m length side. 
 

2.2 Test signal 
The test signal is pink noise. The ultrasonic wave is modulated by the preprocessed test signal. SSB 

(Single-sideband) modulation with the lower sideband is used. The level differences of radiated 
signals between the right and left loudspeakers are , -9, -6, -3, 0, +3, +6, +9 and  dB. The 
duration of test signal is 5 seconds. 

2.3 Test procedure 
The listening tests are conducted in the following steps. 
1. Before every listening test, a listener listens to some test signals in order to experience the sound 

localization preliminarily. 
2. The listener listens to a set consisted of 45 trials with randomly edited test signals, five times for 

each of type reproductions. 
3. After the listener listens to a test signal, she or he points a position of sound localization on an 

estimate paper by a laser pointer. Horizontal and vertical angles of sound localization are  calculated by 
the pointed position. 
 

2.4 Test results 
The obtained sound localization in the horizontal direction is shown in Fig.2. The horizontal axis is 

the level difference between the right and left loudspeakers. The vertical axis is the angle of sound 
localization in the horizontal direction. Symbols are the mean value and vertical lines indicate the 
degree of dispersion of data by connecting positive and negative standard deviations are connected. In 
the both cases of parametric loudspeaker and ordinary loudspeaker, the standard deviations were so 
small that sound localization was controlled by the ILDs. The directions of sound localization with the 
parametric loudspeakers were more outside than those with the ordinary loudspeakers. For example, 
loudspeakers were set at angle of -30 and +30 degrees and ILDs were  and . In using the 
parametric loudspeakers, the directions of sound localization were outside the loudspeaker. On the 
other hand, in using the ordinary loudspeakers, those were not outside the loudspeaker but inside. The 
parametric loudspeaker has such a sharp directivity that a cross talk level and diffraction are smaller 
than the ordinary loudspeaker has. It is estimated that the substantial ILD wi th the parametric 
loudspeakers is larger than those with the ordinary loudspeakers.  
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The obtained sound localization in the vertical direction is shown in Fig. 3. The horizontal axis is 
the level difference between the right and left loudspeakers. The vert ical axis is the angle of sound 
localization in the vertical direction. There was small difference between the parametric loudspeaker 
and the ordinary loudspeaker. It was the same tendency that the directions of sound localization were 
slightly up in the center direction. The degree was different. The extent of the parametric loudspeaker 
was twice as much as that of the ordinary loudspeaker. 

 

 
 

Figure 2 – Sound localization in the horizontal direction. The horizontal axis is the level difference between 

the right and left loudspeakers. The vertical axis is the angle of sound localization in the horizontal direction. 
 

 
 

Figure 3 – Sound localization in the vertical direction. The horizontal axis is the level difference between the 

right and left loudspeakers. The vertical axis is the angle of sound localization in the horizontal direction. 
 

3. LISTENING TEST II (WITH HRTF) 

3.1 Test signal 
The test condition is the same as in the previous listening test. It is anticipated that the obtained 

characteristics of the parametric loudspeaker in the previous test probably enable sound localization 
more outside of loudspeakers. The cross talk of the parametric loudspeaker is so small that the 
listening situation is probably realized to be similar to the listening by headphones. Therefore, 
binaural signals are created by convolving pink noise with HRTFs. The HRTFs are provided by MIT 
[7]. Therefore, in this listening test, individualities of listeners' HRTFs are not considered. The 
selected directions of the HRTF’s sound localization are -90, 0 and +90 degrees. The ultrasonic wave 
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is modulated by preprocessing the modulated signal. The SSB (Single-sideband) modulation with the 
lower sideband is used. The duration of test signal is 5 seconds, which is the same as in the previous 
test. 

3.2 Test procedure 
The listening tests are conducted in the following steps. 
1. Before every listening test, a listener listens to some test signals in order to experience the sound 

localization preliminarily. 
2. The listener listens to a set consisted of 15 trials with randomly edited test signals, five times for 

each of type reproductions. 
3. After the listener listens to a test signal, she or he points a position of sound localization on an 

estimate paper by a laser pointer. Horizontal and vertical angles of sound localization are calculated by 
the pointed position.  

3.3 Test results 
As for reference, angles of sound localization and the standard deviation in the horizontal 

direction in Fig.2 are picked up in Table 1. The used binaural information was ILDs. The 
loudspeakers were set at angle of -30 and +30 degrees. The angles the ILDs are  and are 
averaged. It is easy to compare between the results of the ordinary and parametric loudspeakers. In 
using the parametric loudspeakers, the directions of sound localization were outside the loudspeaker. 
On the other hand, in using the ordinary loudspeakers, those were not outside the loudspeaker but 
inside. The standard deviations are small enough to distinguish these results between both 
loudspeakers. 

 
Table 1 – Direction of sound localization in using ILD (∞) as binaural information 

 

Binaural 

information 
Loudspeaker 

Direction of sound 

localization, deg 

Standard Deviation, 

deg  

ILD (  dB) Ordinary 27.8 3.5 

 Parametric 35.5 4.6 
 

 
Angles of sound localization in the horizontal direction when the HRTFs were used as binaural 

information are shown in Table 2. The averaged angles and standard deviations when the directions 
of HRTFs are -90 and +90 degrees are noted. It is easy to compare between the results of the 
ordinary and parametric loudspeakers. The standard deviations are small enough to distinguish these 
results between both loudspeakers. It was confirmed that by using HRTFs of -90 and +90 degrees, the 
sound images were able to control to localize outside the parametric loudspeakers which were placed 
at angles of -30 and 30 degrees. 

 
Table 2 – Direction of sound localization in using HRTF (90 deg) as binaural information 

 

Binaural 

information 
Loudspeaker 

Direction of sound 

localization, deg 

Standard Deviation, 

deg  

HRTF (90 deg) Ordinary 26.8 4.1 

 Parametric 48.3 6.0 
 

4. CONCLUSIONS 
The listening tests in stereo reproduction with the parametric loudspeakers and the ordinary 

loudspeakers were conducted. These loudspeakers were set at angle of -30 and +30 degrees. The 
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obtained test results were analyzed and discussed.  
It was confirmed that when ILDs were used as binaural information, the directions of sound 

localization with the parametric loudspeakers were more outside than those with the ordinary 
loudspeakers. The obtained results were interesting especially when ILDs were  and . In 
using the parametric loudspeakers, the directions of sound localization were outside of the loudspeaker. 
On the other hand, in using the ordinary loudspeakers, those were not outside the loudspeaker but 
inside. Moreover it was confirmed that by using HRTFs of -90 and +90 degrees, the sound images were 
able to control to localize more outside the parametric loudspeakers. 
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Abstract
Pressure-matching(PM) method is one of well-known effective methods for physical sound field synthesis using
a massive loudspeaker array. In the PM method, all transfer functions between loudspeakers and matching points
have to be measured so as to control the sound pressure at each corresponding matching point. Thus, as the
number of loudspeakers and matching points increases, it becomes more difficult to measure transfer functions
using a microphone. In addition, it is difficult to achieve high accurate placement of a microphone without a
robot or microphone array. In this paper, we proposed an efficient method of local sound field synthesis with
pressure matching. This method does not require large-scale measurements as it estimates the transfer functions
between loudspeakers and dense matching points from transfer functions between the loudspeakers and a small
number of points. By sparse optimization, each set of equivalent sources of a loudspeaker is selected from a
dictionary of mono-pole sources placed near each loudspeaker based on a small number of transfer functions.The
driving functions of loudspeakers can be derived from transfer functions between numerous virtual matching
points and all equivalent sources. To evaluate our proposed method, two-dimensional simulation experiments
are conducted. Keywords: Sparse modeling, Impulse response, Transfer function

1 INTRODUCTION
Pressure Matching(PM) is one of sound field synthesis techniques to physically reproduce a sound field by
matching a sound pressure at each matching point[1]. Generally, numerous matching points with higher density
are required to control sound field at higher frequency. As the number of matching points increases, it takes
more time and effort to obtain all transfer functions. In most of physical sound field synthesis(SFS) methods,
transfer functions between loudspeakers and control points are also required, especially when compensating the
characteristics of loudspeakers and the sound reflections in the room.
To measure the sound field, measurement methods with a moving microphone have been proposed[2, 3]. To
move a microphone accurately, a robot or a moving instruments is required. In most cases, the size of instru-
ments to move a microphone is not small enough to ignore the sound reflections by itself. In addition, moving
instruments must be sufficiently silent to measure the transfer functions. In [4], a method of interpolation for
room impulse responses in a whole room has been proposed under the assumption of sparsity in the early part
of reverberation. However, the large number and complex arrangement of microphones are required. In most
cases, transfer functions in a whole room is not required to control sound field in a specified area.
In this paper, we propose local sound field control method with an estimation for the direct-sound transfer
functions between loudspeakers and arbitrary points in a local area. Assuming sparsity of the sound source,
the wave field can be represented by superposition of the sparse point sources[5, 6]. In our proposed method,
sparse equivalent sources and its weight coefficients are derived to estimate the transfer functions between a
loudspeaker and a specified area from impulse responses measured at a small number of points. In this paper,
estimated transfer function are utilized for PM method to synthesis sound field in a local area. In simulation
experiment, we evaluate the errors of the estimated transfer functions in the specified area. Then, we evaluate
reproduction errors of PM using the estimated transfer functions by 2D simulation.
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2 PROPOSED METHOD

 mth Mic.

Transfer functions 
from the lth 
loudspeaker

Loudspeaker

nth monopole
source

Transfer function 
from the nth 

monopole source

Matching points

Figure 1. Concept of proposed reproduction method with equivalent sources. yl is a transfer function vector
from l-th loudspeaker to measurement points.

To reduce the cost of sound field measurement for SFS, we will obtain the transfer functions at an arbitrary
point in the local region from the measurement at a small number of points. Especially, the direct sound
including frequency characteristics and directivity of loudspeaker is important to control sound field. Now,
consider modeling the direct sound component of the transfer functions from a loudspeaker with equivalent
sources. Note that the direct sound includes reflections from a loudspeaker by itself, since it is difficult to
divide them.
Figure 1 shows the concept of our proposed reproduction method with equivalent sources. Firstly, it is assumed
that the approximate positions of the loudspeakers xl relative to the microphones are known.
Consider that measured transfer functions are represented by the superposition of multiple point sources xl,n,
which are placed in the area surrounding the expected position of a loudspeaker. In the frequency domain, the
transfer function vector y(∈ CM×1) at the M measurement points is given by

yl = Glwl (l = 1,2, . . . ,L). (1)

Gl = [G(l)
m,n](∈ CM×N) denotes a Green’s function matrix between the M measurement points and N point

sources surrounding the position of lth loudspeaker, and wl(∈ CN×1) denotes the weight coefficient vector for
N point sources. Since each group of point sources includes just one loudspeaker, sparsity of the point sources
can be assumed. Thus, the weight coefficient vector wl can be derived by solving the following optimization
problem:

minimize
wl

1
2
||yl−Glwl ||22 +λ ||wl ||1, (2)

where λ and || · ||1 are the penalty parameter and L1-norm, respectively. When the elements of weight coefficient
wl is sufficiently small, the value is considered to be zero. Subsequently, the coefficient is compensated by
using the transfer function at a single measurement point. If the transfer function of direct sound from the
loudspeaker is well-modeled by the non-zero weight coefficient ws and the corresponding point sources xs, the

2702



 1ch  2ch 
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 4ch 
Loudspeaker
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0.05 m 

0.40 m 

[0, 0] x 

y 
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Evaluation area A
0.10 m 

(a) Arrangement of 
 the microphone

(b) Position of a loudspekaer 
and line sources

Figure 2. Arrangement in single loudspeaker simulation. A loudspeaker is positioned at [2,0]. The dictionary
of line sources in the area with a radius of 0.10 m is placed along with the loudspeaker. The number of line
sources is 300.

transfer function at any points in the area A is estimated as follows,

Ĝ(xs,x,ω) =− 1
4π

S

∑
s=1

wsH
(2)
0 (k|x−xs|) (x ∈ A), (3)

where k denotes the wave number, H(2)
0 denotes the Hankel function of 0-th order and second kind. S is the

number of sparse point sources, which has a non-zero corresponding coefficient. In the following section,2D
simulation was conducted by using 2D Green’s function as shown in Eq.(??).
In PM method, a sound pressures P(xm,ω) by line sources at xl in 2D situation is represented with driving
function of l-th loudspeaker D(xl ,ω) and a transfer function G(xl ,xp,ω) from l-th loudspeaker xl to matching
points xp as following[1],

P(xp,ω) =
L

∑
l=1

D(xl ,ω)G(xl ,xp,ω), (4)

G(xl ,xp,ω) = H(2)
0 (k|xl−xp|) (5)

. By using the modeled transfer function Ĝ instead of the transfer function G, Eq.(4) is changed as follows,

P(xp,ω) =
L

∑
l=1

D(xl ,ω)Ĝ(xl ,xp,ω), (6)

The desired sound field P(xs,xp,ω) from a line source xsrc is given by

P(xsrc,xp,ω) = H(2)
0 (k|xl−xp|). (7)

The vector of solution of driving function vector d = [D(xl)] ∈CL×1 can be derived by least squares method as
following,

d = [ĜHĜ+ρI]−1ĜHp (8)
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where ρ is a regularization parameter, Ĝ describes the matrix of transfer functions between equivalent sources
and matching points. I is identity matrix. [·]H is complex conjugate transposition.
The number of matching points can be freely increased with higher dense to obtain driving functions. In
addition, this method is able to apply to sound field synthesis techniques matching the sound pressure at the
points such as BoSC.

3 SIMULATION EXPERIMENTS
3.1 Conditions
We conducted simulation of a sound field in a 2D free-field condition. Firstly, the errors of estimated and de-
sired transfer functions were compared. Secondly, the accuracy of synthesized sound field by estimated transfer
function and the desired Green’s function was compared. The directivity of the loudspeaker is unidirectional i.e.,
toward the origin, which is given by (1+ cosθ)/2 where θ is angle between the directions of the loudspeaker
and measurement position.
To model each loudspeaker, 300 line sources were placed in a circle with a radius of 0.05 m. The penalty
parameter is λ = 10−4 for sparse optimization.
To evaluate reproduction accuracy, the average of reproduction error in the area A with a radius of 0.20 m was
defined by

Error(ω) = 10log10
∑

I
i=1 |Pd(xi,ω)−Ps(xi,ω)|2

∑
I
i=1 |Pd(xi,ω)|2

(9)

where Pd and Ps denote the desired complex sound pressure and the estimated complex sound pressure, respec-
tively. I is the number of evaluation points inside a circular area A.
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Figure 3. The wave front represented by sparse line source, f = 1000 Hz. In the upper figures, original source
is an omnidirectional line source in horizontal plane. In the lower figures, original source is a unidirectional
line source.
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Table 1. The errors of estimated transfer function and desired transfer function

Frequency [kHz] 1 2 3 4 5 6 7 8
Error [dB] -54.5 -56.5 -57.8 -59.9 -59.7 -55.6 -58.6 -58.4
The number of line source 19 20 18 8 9 7 6 7

3.2 Estimation of transfer function
The microphones were placed in the interval of 0.05 m at around the origin, and a loudspeaker was placed
at [2,0]. Fig.2 shows an arrangement of instruments for simulation experiment. The number of line sources
as the dictionary is 300. Table 1 shows the errors of estimated transfer function of direct sound using four
microphones. The errors were very small at about −55–−60 dB for 1–8 kHz. Thus, direct sound in the area
around the origin were accurately modeled by superposition of sparse line sources.
Figure3 shows the wave front and the errors of estimated transfer function. As shown in Fig.3, omnidirectional
line source can be accurately modeled. In contrary, when the unidirectional line source was modeled, the size
of area that transfer functions can be accurately estimated becomes smaller. Thus, the desired sound source
is closer to line source (or point source), the accuracy improves. Thus, when the source has a directivity, the
accuracy of estimated transfer function is lower.

3.3 Synthesized sound field using estimated transfer function

x 

y 

Reproduction area

Secondary sources

0.40 m 

=[0, 0] 

4.0 m 

Figure 4. Condition of sound field synthesis by PM method. Sound field is synthesized by a circular array with
radius of 2 m. The number of loudspeaker is 84.
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Figure 5. Errors of synthesized sound field : (a)–(d) sound field was synthesized by desired transfer function,
and (e)–(h) sound field by estimated transfer function. Figs (a), (c), (e) and (g) show the errors of synthesized
sound field. Figs (b), (d), (f) and (h) are expansion of left figure.

Figure 6. Comparison of errors with PM method: Red circle shows the errors of synthesized sound field by
using modeled transfer functions when the center of reproduced area is at xc = [0,0]. Red dashed line shows
the errors at xc = [0,0] by using desired transfer functions. Blue cross and dashed line show the errors when
the center of reproduction area is at xc = [0,1].

Sound field was reproduced by PM method by using a circular loudspeaker array with an interval of 0.15
m. Sound field was controlled at 500 matching points. In this simulation, the plane wave propagating in
direction negative of y-axis was synthesized in circle of radius 0.2 m (Fig.4). The error maps of synthesized
sound field were illustrated in Fig.5. From the figure, the accuracy of synthesized sound field using modeled
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transfer function was extremely close to that using Green’s function. Figure 6 shows the errors of synthesized
sound field by modeled transfer function for 1–8 kHz. Comparing sound fields reproduced at xc = [0,0] by the
proposed method and desired transfer functions, the difference is less than about 5 dB at 4 kHz or more. For
1–3 kHz, the differences are about 5–10 dB. When the center of reproduction area is at xc = [0,1], the errors
becomes larger. However, this results was caused by lower accuracy of PM method.

4 CONCLUSIONS
In this paper, we proposed sound field synthesis method using estimated transfer function to reduce time and
effort for implementation. The transfer functions between loudspeaker and any points in local area can be well-
modeled by superposition of sparse line sources, which are calculated from a few measurement points. By
our proposed method, the number of matching points to control the sound field can be arbitrarily increased.
Thus, a small number of measurement points are only required, even when many matching points are required.
However, when the sound source with directivity is modeled, the accuracy is lower than Omnidirectional sound
source. In future works, we improve modeling a sound source with directivity.
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Abstract
We propose a method to determine the optimal parameters by metaheuristics for sound zone generation using
the least-square method. We achieved multiple sound zone reproduction with sound pressure differences in
multiple areas using a loudspeaker array by controlling the sound field with an inverse filter based on transfer
functions between each loudspeaker and control points. At that time, three parameters must be determined: the
number of control points, the control point arrangement, and the regularization parameters. In the conventional
method, these parameters are experimentally and empirically determined. The control points are often set with a
regular form in the target control area. In this paper, we proposed determination the number of control points and
their arrangement using metaheuristics, which is a solution of mathematical optimization. We studied applying
such metaheuristics as the genetic algorithm to determine these parameters. We evaluated the performance with
a computer simulation. As a result, we improved the performance with the relative sound pressure level, the
frequency response, and the PESQ.
Keywords: sound field reproduction, loudspeaker array, multiple sound zone generation, genetic algorithm

1 INTRODUCTION
Sound reproduction in a limited zone is a very useful technology for guidance systems at museums and auto-
matic guidance systems at train stations. Moreover, the technology of multi-zone reproduction is expected in
applications, such as multi-lingual information and digital signage. Some methods that achieve sound reproduc-
tion in a limited zone have been proposed by inverse filters [1, 2]. These methods directly control the sound
pressure at control points.

Multi-zone reproduction has been proposed with above methods [3, 4]. However, we must determine loud-
speaker and control point arrangement it. The arrangement of the control points is critical. In the conventional
method, these parameters are experimentally and empirically determined [5]. The control points are often set in
a regular form in the target control area. In this paper, we propose a method that uses such metaheuristics as
the genetic algorithm to determine the arrangement of control points and their contribution.

2 MULTIPLE SOUND ZONE GENERATION BY LEAST-SQUARES METHOD
2.1 Direction control by inverse filter
Inverse filter W is calculated from a transfer function between each control point and a loudspeaker:

W = G−1D, (1)

where G is the matrix of the transfer functions between control position n and loudspeakers m and

G =

G11(ω) · · · GM1(ω)
...

. . .
...

G1N(ω) · · · GMN(ω)

 , (2)

2708



Figure 1. Concept of multiple sound zone generation using linear loudspeaker array

where ω is a frequency index. D is the vector of the sound pressure characteristic at control point n:

D =
[
d1(ω), d2(ω), · · · , dN(ω)

]T
. (3)

For generating reproduction and suppression zones, dn(ω) is set to 1 or 0 respectively:

dn(ω) =

{
1 reproduction point
0 suppression point . (4)

We deal with fewer loudspeakers than control points. Since this problem is ill-conditioned, we use the
least-squares Eq. (5) for calculating the inverse filters [6]:

W = (GHG+δ (ω)I)−1GHD, (5)

where (·)H is a complex conjugate transpose, δ (ω) is a regularization parameter, and I is a unit matrix.

2.2 Weighted least-squares
Obtaining sufficient performance with few control points is important. The weighted least-squares method is
very effective to improve the performance. The filter coefficient using it is expressed in Eq. (6):

W = (GHAG+δ (ω)I)−1GHAD, (6)

where A is a weighting coefficient that is expressed as the next diagonal matrix,

A = diag
[
a1(ω), a2(ω), · · · , aN(ω)

]
. (7)

The directional characteristic is controlled efficiently by weighting each control point. However, deter-
mining the weighting coefficients is difficult. In the conventional method, these coefficients are sometimes
determined experimentally. We treat this coefficient as a parameter just like the arrangement of the control
points.
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Figure 2. Process of determining arrangement of control points using GA

2.3 Multiple sound zone generation
Figure 1 shows the concept of multiple sound zone generation using a loudspeaker array. Its upper left repro-
duces the sound to the left side and suppresses it at the right side. On the other hand, the upper right of Figure
1 reproduces the sound to right side and suppresses it at the left side. By adding these filters that reproduces
each area, we can reproduce sound to multiple zones. In this paper, we reproduce the sound to the left side
in the area. Moreover, to simplify the problem, we define only 1 reproduction point: Dn = 1 in the reproduc-
tion zone. We discuss the suppression control points by their number, their arrangement, and their weighting
coefficients.

3 DETERMINATION OF CONTROL POINTS BY GENETIC ALGORITHM
The genetic algorithm (GA) is one metaheuristic technique that calculates optimal solutions. GA was inspired
by the process of natural selection, including crossover and mutation. A simple model in the GA uses a roulette
wheel selection based on fitness [7]. In this paper, each control point and weighting coefficient are imaged as
genes and these sets are imaged as chromosomes. By evolving a chromosome, we get an optimal arrangement of
the control points and the weighting coefficients for sound reproduction. Figure 2 shows the GA process. First,
50 chromosomes are generated randomly. Second, we calculate the fitness of each one. Third, we select some
good individuals and by crossover and mutation, the next generation is created. By iterating these operations,
we can optimize the arrangement of the control points and the weighting coefficients.

The cost function that evaluates the sound reproduction is shown in Eq. (8), which expresses the sound
pressure level ratio of the reproduction and quiet zones. The cost function is the fitness to use in the GA. ∑Pj
is a summation of the sound pressure level in the reproduction zone. ∑Pk is a summation of the sound pressure
level in the quiet zone. When the fitness is high, the performance of multiple zone sound reproduction is good:

F = 10log10
∑∈ j Pj

∑∈k Pk
, (8)

where j is the measurement points in the reproduction zone, k is the measurement points in the quiet zone, and
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Figure 3. Position of each zone and loudspeaker array

P is the sound pressure level at each measurement point.
We used the roulette wheel selection to select the chromosomes and did a uniform crossover. This

crossover create a bit array randomly, that length is the number of control points. Each bit is chosen from
either parent with equal probability. The first child selects the position of the control point from first parent if a
bit is 0 and does so from second parent if a bit is 1. The second child use inversion this bit array. The mutaion
changes position of one control point randomly. This operation is at one time per a mutation. The crossover
ratio was 0.6 and the mutation ratio was 0.01. The end condition is that no replacement continuously exists on
the maximum of fitness 15 times. The weighting coefficient range is from one to ten.

4 EVALUATION BY COMPUTER SIMULATIONS
4.1 Experimental conditions
In this computer simulation, we assumed a free-field sound field. The free-field Green function to be the transfer
function is given by Eq. (9):

Gmn(ω) =
1

4πrmn
exp(− jω

rmn

c
), (9)

where rmn is the distance from loudspeaker m to control point n and c is the speed of sound.
Figure 3 shows the position of the reproduction zone, the quiet zone and the possible zone for setting the

control points. The reproduction and quiet zone regions are square of 1.25 m × 1.25 m. The control points
are set to 3 m × 3 m in front of the loudspeaker array. Reproduction point Dn = 1 is set to x = −0.875 and
y = 0.875. Measurement point j, k of Eq. (8), are set overall in each zone with lattice-like discrete point.
The interval of the measurement point is set 0.25 m. Therefore, each zone has 36 measurement points. Figure
4 shows the conventional arrangement of the control points. × is the reproduction control point and ◦ is the
suppression control point in this figure. We used the arrangement of the suppression control point setting on
the boundary of the quiet zone as a conventional arrangement, and the all weighting coefficients are set to one.
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(a) 32 points (b) 64 points (c) 128 points

Figure 4. Conventional arrangement of control points

(a) 32 points (b) 64 points (c) 128 points

Figure 5. Arrangement of control points by GA arrangement

Table 1. Mean fitness with each number of control points and mean of generations

Number of control point 16 32 64 96 128 151
Mean fitness [dB] 15.89 21.32 25.99 28.83 27.28 26.75

Standard deviation of fitness [dB] 1.65 0.76 1.76 1.07 1.36 1.97
Mean number of generations 28.2 37.0 51.8 60.8 63.0 62.2

4.2 Results of experiment
Table 1 shows the mean fitness, the standard deviation, and the mean number of generations by GA. The color
of a circle shows weighting coefficient. It is small if a circle is the white. These values are the means of five
trials and the number of control points, including the reproduction point. The fitness tends to be high with an
increase in the number of control points. However, the fitness is not so different when the number of control
points exceeds 96. The variation of the fitness of each trial is small from the standard deviation. The mean
number of generations become large when the number of control points is large.

Figure 5 shows the arrangement of the control points by GA. The suppression control points are set in
the quiet zone side and near the loudspeaker array. However, as shown by Figure 5(c), the control points are
set into the reproduction zone when using a large number of control points. There is a tendency to set a large
weighting coefficient to the control points near the loudspeaker array.

Figure 6 and 7 show the distribution maps of the relative sound pressure level with each of the control
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(a) 32 points (b) 64 points (c) 128 points

Figure 6. Distribution maps of relative sound pressure level using conventional arrangement

(a) 32 points (b) 64 points (c) 128 points

Figure 7. Distribution maps of relative sound pressure level of GA arrangement

points. These figures show the best one in each of five trials. The reproduction point is a reference point (0
dB) when calculating the relative sound pressure level identically as the fitness. From Figure 7, the arrangement
using GA can reproduce the sound to the reproduction zone and reduce it leakage to the quiet zone even if
fewer control points are used. From Figure 7(c), when the control points are set into the reproduction zone,
the directional characteristic to the reproduction point is stronger. Therefore, the beamform to the reproduction
point narrows. It is not desirable if the reproduction zone is large. Moreover, the GA arrangement decreases
the number of control points compared to the conventional arrangement based on experience.

Figure 8 and 9 show the frequency response at the reproduction point. The GA arrangement is compared
with the conventional one, and the frequency characteristics are better especially in 128 points. However, they
are slightly worse in the middle and high frequency bands. Figure 10 and 11 show the distribution maps of
the Perceptual Evaluation of Speech Quality (PESQ) [8], which is an automated assessment of speech quality
simulated by a user. It is standardized as ITU-T recommendation P.862. Its score is principally a model mean
opinion score (MOS) that covers a scale from 1 (bad) to 5 (excellent). The score is calculated using speech
signals with 300 ∼ 3400 Hz. These figures are calculated by the mean of two people’s speech. In all the
figures, the PESQ score is higher than three in the reproduction zone. Therefore, there are no complications
with listening to speech.
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(a) 32 points (b) 64 points (c) 128 points

Figure 8. Frequency response of conventional arrangment at reproduction point

(a) 32 points (b) 64 points (c) 128 points

Figure 9. Frequency response of GA arrangment at reproduction point

(a) 32 points (b) 64 points (c) 128 points

Figure 10. Distribution maps of PESQ score using conventional arrangement

(a) 32 points (b) 64 points (c) 128 points

Figure 11. Distribution maps of PESQ score of GA arrangement
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5 CONCLUSIONS
Multiple zone sound zone generation by inverse filters with a linear loudspeaker array is very useful technology.
In this paper, we determined the arrangement of suppression control points using GA to optimize each parameter
in the sound reproduction by treating the control points and their weighting coefficient as chromosomes. In
an evaluation with a computer simulation, the arrangement by our proposed method is more useful than the
conventional one. We achieved multiple zone generation by a small number of control points in the proposed
method. However, the control point by GA is a halfway position. Since measuring impulse responses from
loudspeaker to each control point is very difficult, we need to study that problem in the future.
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Abstract
Many microphone array signal processing techniques, e. g., for beamforming or localization, rely on coherent
input signals. However, low inter-channel coherence may result from the occlusion of microphones, reverbera-
tion, or the presence of undesired signal components, so that the according signals contribute little to the overall
algorithmic performance. Thus, ranking the microphone channels by their utility for subsequent coherent signal
processing schemes is of considerable interest. Direct estimation of the pair-wise coherence is often straight-
forward in compact microphone arrays when all microphones share a common sampling clock, while wireless
acoustic sensor networks require a potentially costly time synchronization of the microphone signals. In this
case, estimating the channel utility ranking from simpler, single-channel features, e. g., statistical moments of
the time-domain signal waveform or of the corresponding magnitude spectrum instead of the signal coherence,
facilitates the clustering of useful sensor nodes for a particular task. Thereby, it is possible to determine whether
it is worth the effort to synchronize the sensor signals in a sensor network, and thus save computational power
and data rate if this is not the case. In this contribution, we investigate the efficacy of different single-channel
signal features for determining candidate sets of sensors signals for synchronization in sensor networks.
Keywords: Microphone utility, Channel selection, Sensor network

1 INTRODUCTION
Ongoing miniaturization of microphones and advances in wireless communication allow Wireless Acoustic Sen-
sor Networks (WASNs) to break into the consumer market. The multiple views of the acoustic scene offered
by distributed sensors allow signal processing algorithms to exploit this spatial information, e. g., for spatial
filtering or acoustic source localization. Many prominent examples like Minimum Variance Distortionless Re-
sponse (MVDR) [9] or MUltiple SIgnal Classification (MUSIC) [7] rely, directly or indirectly, on coherent
input signals. Consequently, signals with low inter-channel coherence contribute little to the overall algorithmic
performance or may even be detrimental. Poor signal coherence may be caused by asynchronous sampling of
channels or by a non-coherent sound field arising from, e. g., the position and orientation of the microphones
relative to the acoustic source, reverberation, and the occlusion of microphones. While the former is alleviated
by time synchronization of the recorded signals, the latter may require the exclusion of affected microphones
from subsequent processing. If the microphone channels are already synchronized, the readily observable signal
coherence offers a straightforward categorization of microphone channels by their usefulness for coherent signal
processing schemes. However, the microphones in WASNs often have no common sampling clock, such that es-
timation of the coherence entails a potentially costly synchronization of the sensor signals. Due to limited data
rate and computational power of typical network nodes, synchronization of all signals is infeasible, especially if
the number of microphones is large.
Thus, in this contribution, we focus on determining candidate sets of microphones for a subsequent synchro-
nization for coherent signal processing schemes based on established single-channel signal features. The feature
values are meant to be broadcasted between network nodes to allow an informed decision which subset of chan-
nels to synchronize. Subsequently, only these candidate signals would be transmitted, such that a prescribed data
rate in the WASN is not exceeded. Although synchronous sampling could reasonably be assumed for certain
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subsets of sensors, e. g., for the microphones of individual compact microphone arrays in a larger network, we
deliberately do not exploit inter-channel features to retain a broad scope of applicability.
In the literature, several utility measures based on inter-channel correlation have been proposed, whose com-
mon drawback is the requirement of synchronized signals. In [3], the MultiChannel Correlation Coefficient
(MCCC) is employed to select a pre-specified number of channels for beamforming as preprocessing for Auto-
matic Speech Recognition (ASR). An explicit channel utility measure for Linear Minimum Mean Square Error
(LMMSE) signal estimation is proposed in [2], which relies on the availability of all sensor signals at a central-
ized fusion center to estimate the (inverse) signal correlation matrix. A reduction of the number of transmitted
signals based on signal-subspace considerations is proposed in [1], however, still requiring the transmission of
the complete signals. In [4, 6], reducing the dimensionality of observations by linear mappings is proposed, but
the approach is tied to Minimum Mean Square Error (MMSE) parameter estimation. Besides correlation-based
measures, the selection of a single best channel for ASR based on properties of the Room Impulse Response
(RIR) [11] and based on signal features (energy, Signal-to-Noise Ratio (SNR), envelope variance and modula-
tion spectrum area) [12] has also been investigated. Furthermore, in the context of ASR, decoder-based channel
selection methods [8, 13] have been shown to improve recognition accuracy, but are only applicable to speech
signals, and obviously, unless ASR systems are already in place, the addition of per-channel recognition intro-
duces enormous computational overhead.
In this paper, vectors and matrices are denoted by bold-face lowercase and bold-face uppercase variables, respec-
tively. [x]k denotes the k-th element of the vector x and quantities pertaining to the n-th feature are indicated
by the superscript ·(n).
The remainder of this paper is structured as follows: in Section 2 we discuss the set of employed single-channel
signal features, Section 3 describes the proposed algorithm to generate candidate sets of sensors to synchronize.
The experimental setup and the obtained results are discussed in Section 4, and Section 5 concludes the paper.

2 FEATURES
In this section, we give a brief overview of possible single-channel features. Many different acoustic features
have been devised to describe sounds [5, 10]. Following the taxonomy in [5], we focus on instantaneous/short-
time features which are computed for each time frame k. We further restrict the selection to features which are
computed either directly from the temporal waveform (indicated in the following by the prefix ‘T’), or from the
corresponding spectral representation (indicated by the prefix ‘S’). For broad applicability, we do not assume a
particular signal model and also do not exploit perceptually motivated features. After these considerations, the
list of investigated features is chosen to comprise:

• central statistical moments of the signal waveform: ‘TSpread’, ‘TSkewness’, ‘TKurtosis’, reflecting esti-
mates of the standard deviation, the asymmetry and the flatness of the distribution of the sampled signal
waveform, respectively

• Zero-Crossing Rate: ‘TZCR’
• statistical moments of the signal magnitude spectrum: ‘SCentroid’, ‘SSpread’, ‘SSkewness’, ‘SKurtosis’,

reflecting estimates of the linear mean, the standard deviation, the asymmetry and the flatness of the
magnitude spectrum interpreted as a Probability Density Function (PDF), respectively

• spectral shape descriptors:
– ‘SSlope’, reflecting the slope of the linear regression function fitted to the magnitude spectrum
– ‘SFlatness’, ‘SAmpFlatness’, reflecting the ratio of geometric and arithmetic mean of the power

and magnitude spectrum, respectively
– ‘SRollOff’, reflecting the frequency below which 90% of the signal energy is concentrated

• temporal variation of spectra:
– ‘SFlux’, the difference quotient between the magnitude spectra of two successive signal blocks
– ‘SVariation’, the complement of the normalized inner product between the magnitude spectra of two

successive signal blocks
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Figure 1. Correlation matrices B (see (5)) of different features for Experiment 1 (see Section 4.2).

For an in-depth description and mathematical formulation of the features, we refer the reader to [5].
Consider a set of P spatially distributed microphones and the corresponding signals xp(t), p ∈ {1, . . . ,P}. Let

xp(k) =
[
xp(kMp +1) . . . xp(kMp +Lp)

]T ∈ RLp (1)

denote the k-th signal block of Lp samples obtained by sampling the p-th microphone signal xp(t), where Mp
denotes the shift between successive blocks in samples and t denotes continuous time. Note that Lp and Mp
generally vary across channels due to the lack of a common sampling clock. Given a single-channel, scalar
feature defined by the channel-wise mappings

Fp : RLp → R, (2)

we collect the corresponding feature values ap,k from K successive signal blocks of xp(t) in the vector

ap =
[
ap,1 . . . ap,K

]T ∈ RK with ap,k = Fp
(
xp(k)

)
. (3)

In the following, we omit the index p from Fp for the sake of a clear presentation. For the spectral features,
the definition of F in (2) includes the required Discrete Fourier Transform (DFT).
To capture the similarity of the p-th and the q-th microphone signal w. r. t. the feature F while incorporating
the temporal evolution of the corresponding feature values, we interpret the feature vectors ap, aq as time series
and compute the Pearson correlation coefficient

bp,q =
∑

K
k=1
(
ap,k−ap

)(
aq,k−aq

)√
∑

K
k=1
(
ap,k−ap

)2 ·
√

∑
K
k=1
(
aq,k−aq

)2
, (4)

where ap and aq denote the arithmetic averages of the elements of the respective feature vectors. Note that bp,q
is bounded to the range [−1,1] by definition and is symmetric w. r. t. p and q. The correlation coefficients from
(4) are arranged in a symmetric feature correlation matrix

B =

b1,1 . . . b1,P
...

...
bP,1 . . . bP,P

 ∈ [−1,1]P×P. (5)

Obviously, the diagonal elements of B are equal to one by construction.
Recalling Section 1, the overarching goal is the categorization of microphone channels based on single-channel
signal features instead of the signal coherence because the latter cannot be immediately observed due to possi-
bly asynchronous sampling. Anticipating the in-depth description in Section 4.1, the experimental setup consists
of five compact eight-channel microphone arrays. For illustration, let us consider Experiment 1 described in
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Figure 2. Schematic illustration of the proposed algorithm.

Section 4.2 as an example here, where the first two arrays are obstructed by an object. The corresponding
Magnitude-Squared Coherence (MSC) matrix in Figure 4a clearly allows the identification of the obstructed ar-
rays from their low MSC values. In line with intuition, signals of closely-spaced sensors are more coherent than
those of distant sensors, reflected by larger MSC values along the blockdiagonal. To avoid costly synchroniza-
tion of sensor signals, we want to extract the same channel similarity information from the feature correlation
matrices, shown in Figure 1 for the same scenario. By simple visual inspection, four features stand out due to
the similarity of their correlation matrices to the MSC matrix: ‘TSkewness’, ‘TKurtosis’, ‘SFlux’ and ‘SVaria-
tion’. In the presented example, all of them reflect the obstruction of the first two arrays, as well as the higher
intra-array channel similarity. Hence, we will only consider the features ‘TSkewness’, ‘TKurtosis’ and ‘SFlux’
in the experimental evaluation in Section 4. The feature ‘SVariation’ is omitted since it is conceptually closely
related to ‘SFlux’, but does not capture the groups of obstructed and uncovered sensors as accurately.

3 ALGORITHM
In this section, we propose an algorithm to determine candidate sets of sensors for subsequent synchronization
from multiple single-channel signal features, schematically illustrated in Figure 2. Interpreting correlation as an
indicator for similarity of two signals, we assume that similar microphone signals also exhibit similar features.
The pair-wise similarity information of microphone channels w. r. t. a set of selected single-channel features,
captured by the matrix B(n) for the n-th feature, is fused by concatenating the principal left singular vectors
of the intermediate, channel-wise correlation matrices Cp. Candidate sets of similar microphones are extracted
from the resulting overall channel similarity matrix R by a second Singular Value Decomposition (SVD).
Given a set of N single-channel, scalar features defined by the mappings F (n) : RLp → R with n ∈ {1, . . . ,N},
we compute the corresponding feature correlation matrices B(n) as defined in (5). While we consider only scalar
features in this contribution, in principle, vector-valued signal features may be passed to the algorithm developed
in this section, if the vector elements can be treated as independent such that a feature correlation matrix can
be constructed for each element.
To obtain the overall pair-wise similarity between channels across all features, we form an intermediate matrix
of correlation coefficients Cp for each channel p w. r. t. the N selected features and compute its SVD

Cp = GpDpTT
p =


b(1)p,1 . . . b(N)

p,1
...

...

b(1)p,P . . . b(N)
p,P

 ∈ [−1,1]P×N (6)

where Gp =
[
gp,1 . . . gp,P

]
∈ RP×P and Tp =

[
tp,1 . . . tp,N

]
∈ RN×N denote the matrix of left and right

singular vectors of Cp, respectively, and Dp ∈RP×N denotes the diagonal matrix of singular values in decreasing
order. The prevalent “concept” of similarity is captured by the principal left singular vector gp,1, i. e., the first
column of Gp. By discarding the remaining singular vectors, this similarity concept is emphasized while the
influence of features opposing the consensus is reduced. The principal singular vector gp,1 is normalized by

rp = gp,1/[gp,1]p (7)
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such that its p-th entry is equal to one. Thus, rp can be interpreted as a similarity measure between all channels
and the p-th channel. Subsequent concatenation yields the final channel similarity matrix

R =
[
r1 . . . rP

]
∈ RP×P, (8)

whose diagonal elements are equal to one due to the normalization in (7). However, by construction, R no
longer exhibits the symmetry as B(n) did, which is visible in Figure 6. We refrain from an Eigenvalue De-
composition (EVD) of R due to the resulting complex eigenvalues. In the special case of identical B(n), R is
symmetric, however no benefit is gained by considering more than one feature because R = B(n),∀n holds in
this case. To extract candidate sets of sensors for synchronization, we perform a second SVD

R = USVT, (9)

where U =
[
u1 . . . uP

]
∈ RP×P and V =

[
v1 . . . vP

]
∈ RP×P contain the left and right singular vectors of

R, respectively, and the diagonal matrix S = diag{σ1, . . . ,σP} ∈RP×P contains the corresponding singular values
σp on the diagonal in decreasing order. Similar to the SVD in (6), the left singular vectors can be interpreted as
concepts of similarity across sensors. Note that the principal left singular value gp,1 in (6) captures the dominant
similarity concept of the p-th sensor to all sensors across multiple features. In contrast, the left singular vectors
up in (9) reflect the similarity between groups of sensors by considering the square similarity matrix R instead
of the channel-wise matrix Cp. Thus, for each concept up, a group assignment for the q-th sensor can be
done by inspecting the corresponding vector element [up]q. A straightforward choice is the assignment to one
of two groups of similar sensors which exhibit high intra-group similarity and low inter-group similarity based
on the sign of [up]q: sensors with a positive value form one group, while the remaining sensors form the
complementary group.
Note that there is no restriction regarding the rank of R, such that arbitrarily many non-zero singular values
can result from (9). In the extremal case of uncorrelated signal features, R degenerates to an identity matrix
with P singular values equal to one. Choosing an appropriate number of singular values to consider is non-
trivial and the discussion of such strategies is beyond the scope of this paper, although a straightforward option
is basing the decision on the singular value distribution itself, e. g., by choosing all singular values above a
prescribed threshold. Another option is the selection of a fixed number of promising candidate sets to be
explored, depending on the available computational budget for synchronization.

4 EXPERIMENTAL EVALUATION
In this section, we describe the recording setup and discuss the experimental results.

4.1 Setup
The experimental setup is illustrated in Figure 3. A loudspeaker is placed in a room of dimensions 6.26m×
4.86m× 3m, depicted in Figure 3a, with a reverberation time of T60 ≈ 320ms. Five concentrated microphone
arrays each consisting of eight microphones, depicted schematically in Figure 3b, are placed in a quarter circle
around the loudspeaker at a distance of 2m, with the loudspeaker facing the central Array 3. All microphone
arrays are oriented to face the loudspeaker and are driven by a common sampling clock, which allows the
signal coherence to be estimated for reference. Optionally, Arrays 1 and 2 can be obstructed by a large wooden
board (roughly 1m wide and 2m high), shown in Figure 3a as a bold, red line. The signals are processed at
a sampling rate of fs = 16kHz. A signal block consists of Lp = L = 1024 samples (64ms), while successive
blocks are shifted by Mp = M = 512 samples (32ms) for an overlap of 50%. We employ 22s of adult male
speech as the loudspeaker signal resulting in K = 690 available signal blocks, although our experiments have
shown very similar results with adult female speech, child speech and music. As explained in Section 2, the
employed set of features consists of ‘TSkewness’, ‘TKurtosis’ and ‘SFlux’, so that N = 3.
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Figure 3. Experimental setup.

4.2 Experiment 1: with obstruction
For the first experiment, we consider the setup in Figure 3a with the obstruction present, i. e., microphones 1–16
are obstructed while microphones 17–40 are uncovered. While the obstruction does not affect the speech intelli-
gibility when listening to the signals, a clear reduction of the MSC is visible in Figure 4a which is reflected by
the similarity matrix R in Figure 4b. The corresponding singular values and left singular vectors are shown in
Figure 4c and Figure 4d, respectively. The first singular vector, corresponding to the dominant singular value,
highlights the overall similarity of all channels in accordance with the subjective listening impression, although
differences between the obstructed and uncovered microphones are visible. The second singular vector, whose
singular value is still noticeably larger than the remaining ones, emphasizes the difference between the group of
obstructed microphones (channels 1–16) and the uncovered microphones (channels 17–40). The third singular
vector captures the differences between the two obstructed arrays (channels 1–8 vs. channels 9–16). Finally, the
fourth and fifth singular vector similarly reflect the nuanced differences within the uncovered microphones.

4.3 Experiment 2: without obstruction
For the second experiment, we consider the setup in Figure 3a without obstruction. Like for the previous
experiment, R and the results of its SVD are illustrated in Figure 5. The first singular value is now even
more dominant, while the elements of the corresponding singular vector are essentially identical, highlighting
the high similarity across all channels. Since there is no obstruction to introduce a clear distinction between
two groups of microphones, the remaining singular vectors highlight feature variations due to other factors. For
the second and third singular vector, these can reasonably be identified with the microphone array positions in
the recording room. While the former distinguishes between sensors on either end of the spatial setup, the latter
approximately captures the proximity of each sensor w. r. t. the acoustic axis of the loudspeaker.

4.4 Number of feature frames
In practice, a quick decision which sensors to synchronize is obviously desirable. However, as fewer observa-
tions are used, the estimation variance of the correlation coefficient in (4) increases. Hence, we investigate the
structure of R under the conditions of Experiment 1 for different numbers of signal blocks K by truncating the
recorded signals after the specified number of blocks. The results in Figure 6 indicate that a correct categoriza-
tion of channels is possible for as low as K = 30 (1s signal duration). For even shorter durations like K = 15,
a lot of the structure in columns 1–8 is lost. Note that in all cases, a signal onset period is present, during
which the employed features exhibit the largest variability. In conclusion, while more signal blocks reduce the
estimation variance, the presence of signal onsets appears vital for an accurate categorization.
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Figure 4. Results for Experiment 1 (microphones 1–16 obstructed, microphones 17–40 uncovered.).
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Figure 5. Results for Experiment 2 (all microphones uncovered).
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Figure 6. R for different number of signal blocks K.
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5 CONCLUSION
In this contribution, we demonstrated the efficacy of different single-channel signal features for estimating the
microphone utility for coherent signal processing. We presented a method to fuse the channel similarity in-
formation w. r. t. different features by computing the principal singular vector of an intermediate, per-channel
similarity matrix. Candidate groups of sensors for subsequent synchronization are obtained by SVD of a matrix
constructed from the principal singular vectors reflecting the prevalent “concept” of similarity of all channels
w. r. t. a particular reference channel. The experiments confirm that groups of similar sensors can be identified
for non-Gaussian signals. The presence of signal onset periods allows a categorization of sensors when only
few observations are available.
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Abstract
The usage of spherical microphone arrays in virtual reality production environments have been seen to be steadily
increasing. This is understood to be a natural progression since the microphone array‘s output is easily converted to
the Higher Order Ambisonics (HOA) sound field representation.
However, for the recording of classical music, there is still much debate as to whether the application of spherical
microphone arrays makes any sense at all. Depending on the targeted playback format, various established coincident
single microphone setups, as well as spaced setups are preferred. Spaced microphone setups are particularly popular
since they ensure a certain degree of decorrelation for the resulting loudspeaker signals. On the other side, microphone
array recordings have a much higher degree of freedom with regard to spatial post processing.
This contribution investigates how advantages of both recording strategies can be combined. The recording of a string
quartet is used as a well known recording scenario for classical music. A spaced AB recording serves as the basis. A
microphone array in a central position within the quartet another one distant from the quartet are used to enhance the
AB signals. Different target formats including stereo, surround as well as 3D audio using HOA are discussed.
Keywords: 3D Sound, Higher Order Ambisonics, Production tools

1 INTRODUCTION
Musical content production aims to reproduce a musical experience when the recorded content is played back on
loudspeakers or headphones. The spatial information in the content is an important component to reach this goal, of
course. Spatial information also plays a role for video production. The production of visual content for virtual reality
(VR) or augmented reality (AR) often includes 3-dimensional (3D) sound field information. Here it is important that
the spatial information is physically correct and matches the visual impression.
Also for music recording there is a growing demand in 3D audio representations, however the adaption to visual
content is often not required. Traditionally channel based approaches like stereo or surround sound are in use. Channel
based representations refer to a specific loudspeaker layout like stereo (2.0) or surround sound (e.g. 5.1). Recording
music using microphones for such loudspeaker layouts leads to spatial microphone layouts. For classical music
recordings often the tonmeister aims to assign one microphone to one channel without further processing. This is the
popular concept of using a main microphone (or Hauptmikrofon) [11].
The audio aquisition for VR and AR is often done using microphone arrays. Unlike the music recording case,
the output of a microphone array is always processed and adapted to the target playback system. Higher Order
Ambisonics (HOA) is often chosen as an intermediate representation [14]. As this representation enables spatial
modifications of the soundfield it is an interesting option the the music production case as well.
In the contribution we look at both approaches in a music recording szenario. The "Schunk string quartet" playing
compositions of Michael Schunk was recorded using a AB pair of microphones as well as two Eigenmike microphone
arrays. The first is approach is to use the AB recording with additional microphone arrays. The AB serves as main
microphone, the desired result is a stereo recording. The purpose of the microphone arrays is the enhancement the
existing recording used as spot microphones and room microphone respectively. In turn the second approach is to
use the microphone array in the middle of the quartet as main microphone and to enhance it using the AB pair. The
desired result is a 3D sound file, using HOA as a format.
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2 TECHNICAL BACKGROUND
The delivery format for audio content often determines which recording approach is chosen. In general, audio content
can be delivered in a channel based, a scene based or an object based representation. The audio standard MPEG-
H reflects the existence of all this approaches [4]. In this contribution we look at channel based and scene based
representations.

2.1 Channel based production
The channel based audio production is based on a main microphone. Well known main microphone settings for stereo
loudspeaker layouts are XY, AB, ORTF, MS or Blumlein [10]. An coincident microphone setting like XY produces
an intensity based stereo image. The spaced AB setting produces a stereo image containing mostly time-of-arrival
information. A ORTF microphone setting produces both, intensity as well as time-of-arrival information. For 3D
loudspeaker layouts microphone settings like ORTF-3D are suggested that refer to a 3D layout with 8 loudspeakers
[12].
Spot microphones are usually added in classical recording scenarios to obtain a certain degree of freedom for modifi-
cations of the audio content. The spot microphones’ signals need delay compensation that is dependent on the main
microphone’s position. The positioning of the spot in the resulting audio scene (stereo image, if 2D) is done using a
panning tool that can address the targeted loudspeaker layout [7, 6].
Coincident microphone settings like MS and microphone arrays need further processing before the signals are played
back on the loudspeaker. In this context, the entire processing chain is termed as beamforming [8].
Stereo playback delivers good localisation information when the recording was performed decently [13]. An AB
recording delivers decorrelated signals resulting in good spatial imaging when played back on loudspeakers, however
these signals need additional processing when played back on headphones as the precedence effect is relevant to
loudspeaker production [9]. The spatial imaging of coincident recordings works nicely if monitored on head phones.
As a drawback, such recordings may suffer from comb filtering when played back on loudspeakers.

2.2 Scene based production
Scene based production means the creation of a sound field descriptions using Higher Order Ambisonics (HOA) [14].
The recording of natural sound fields for HOA is accomplished using microphone arrays. For 1st order recordings,
such arrays are commercially available since the 1970th like the Soundfield microphone by Soundfield or more re-
cently the Ambeo microphone by Sennheiser among others. For higher orders, microphone arrays like OctoMic by
Core Sound or the Eigenmike by mh acoustics are available.
The output of these arrays is converted to the HOA representation providing full 3D audio information. In the context
of virtual environments like 360°videos or augmented reality scenarios the adaption of the audio scene to the visual
scene is feasible using HOA modifications like rotation or spatial warping.
Spot microphones can be used for HOA based productions as well. Like in the channel based case the delay between
main microphone and spot position needs compensation. The directional information is encoded by calculation a
plane wave HOA representation. In combination with the HOA decoding step this is like panning for the channel
based case, this time with a panning function defined by the HOA decoding [1].
The playback of a scene based recording to a number of loudspeakers or a pair of headphones is enabled by decoding
the sound field. The spatial imaging depends on the loudspeaker layout or the binaural rendering [5].
To summarise, all spaced main microphone conecpts provide a limited degree of freedom for modifications, whereas
array recordings provide various options for post processing like sound field rotation, spatial warping and beam
steering.
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3 PRACTICAL CONSIDERATIONS
In the string quartet recording investigated in this paper we have an AB pair of microphones and two Eigenmike
microphone arrays available. The AB pair and one Eigenmike are positioned near to the string quartet and could be
used as main microphone. To gain inside to specific advantages and drawbacks of each method, both options are
investigated.

3.1 Material and methods
The recording took place on 3018-02-03 in the "Schweizer Kirche" in Emden. This church is medium sized and
provides acoustically a good environment for classical music recordings. Figure 1 gives a view from outside and
Figure 2 from inside to gain a general impression.

Figure 1. The "Schweizer Kirche" in Emden is the recording location for the recordings investigated in this paper.
The church has a decent reverb appropriate to classical music. Photo by Matthias Süßen

As shown in Figure 2 the string quartet is seated in front of the apse. The AB pair of microphones is in front of the
quartet, one microphone array (EM1) is surround by the musicians. The second microphone (EM2) is located apart
in the middle aisle.

Figure 2. The string quartet is seated in front of the apse. The AB pair of microphones is in front of the quartet, the
first microphone array is surround by the musicians.

The positioning of the microphones while recording is shown in Figure 3. Note that the pictures show a slightly
different positioning.
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Figure 3. Positioning of the microphones used for recording: in front of the string quartet there is an AB pair of
omnidirectional capsules. Inside of the quartet and apart the microphone arrays EM1 and EM2 are located.
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The recording devices are summarised in Table 1. All soundcards where synchronised using the clock signal of
the soundcard serving as a master. The recording software is Reaper by Cockos. The master slave settings for
simultanious start/stop of all three Reaper instances needed for recording all microphones was dropped due to network
issues, instead all programms were operated individually. The HOA processing is enabled by the "IEM plug-in suite"
as provided by the "institute for electronic music" from Graz [2].

Table 1. Hardware and software used for recording and production.

# hardware provider
2 omnidirectional microphone MK 2 Schoeps
2 microphone array Eigenmike mh acoustics
1 soundcard Fireface 800 RME
3 misc. notebooks Apple

software
3 Digital audio workstation Reaper Cockos
1 HOA VST plugins iem Graz

3.2 AB as a main microphone
When the AB pair serves as main microphone, the quartet as well as a certain amount of reverberation is captured.
The "perceived" listening position could be located in front of quartet and AB pair.
The signal of EM1 is then used as source for spot microphone. Four beams are directed to the individual players. The
beams are calculated at order N = 3. The beams result in four signals that are treated like spot microphones. For the
stereo production they are delayed and added to the main signal using the stereo panning tool as provided by Reaper.
The second array EM2 is used in the same manner as EM1. The obtained signals contain room reverberation that is
mixed into the main audio image. For surround the EM2 is used as source for the surround loudspeakers.
If a HOA based scene of the AB recording is created, i.e. for headphone playback, the four individual signals can be
employed as object sources that are positioned in the scene resulting by the AB recording. The positioning needs to
be done according to the actual placement of the players. The AB pairs’ signals can be used as main sound sources
at the respective positions of the AB array supported by 4 individual sources. As the HOA scene is newly created, a
sufficient high order can be chosen to ensure a sufficient spatial resolution.

3.3 Microphone array as main microphone
Using the microphone array EM1 as main microphone sets the listening position to it’s location in the recording
scenario, that is the center of the string quartet. The AB pair can be added to this audio scene as two additional plane
wave sources [14]. This is accomplished using the stereo encoder plugin from the IEM plugin suite. It is practical to
chose the same Ambisonics order as used for the microphone array encoding (N = 3). As the AB pair is made with
omnidirectional capsules, also distance filtering can applied to the pressure signals. They would then appear as point
sources in the resulting scene.
Another option is to translate the listening position of the microphone array to the frontal position as chosen in the
former section. Translations of sound fields are computationally costly in terms of HOA, though [3].

4 SUMMARY
A string quartet recording was recorded using a spaced AB setting of microphone. Additional microphone arrays
where used to capture direct sound and reverberation of the room. Two approaches were discussed: firstly the more
traditional approach of music recording, that is the use of the AB pair as a main microphone. Secondly one micro-
phone array was taken as main microphone, the sound field was supplemented by the AB pair.
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A target direction search algorithm based on microphone array 

Xubin LIANG1; Difeng SUN1; Tianqing ZHAO1; Liangyong ZHANG1; Houlin FANG1; Fang ZHANG1  
1 Northwest Institute of Nuclear Technology, China 

ABSTRACT 
The use of a microphone array to obtain the direction of a far-field target is an important means of 
impacting-point detection. In this paper, a new search algorithm based on time-delay orientation is proposed, 
which USES the time-delay and position vector of the microphone pair in the array to estimate the unit vector 
of the target direction by using the least square method, and then calculates the azimuth and pitch Angle of 
the target through this vector. On this basis, calculate the Euclidean distance between the projection of the 
position vector in the target direction and the difference of the sound path between the microphones. By 
setting the distance threshold, use a certain search rule to eliminate the time delay when the participation 
calculation results in a relatively large distance. Extend, thereby finalizing the azimuth and elevation of the 
target. The simulation analysis of the proposed algorithm is carried out. Compared with the orientation 
results of the unused search algorithm, the proposed algorithm not only has high orientation accuracy, but 
also has strong stability and high reliability. It can avoid the problem of angle calculation error caused by the 
damage of the microphone or individual time delay calculation errors. It has important reference significance 
for the practical engineering application of using time-delay orientation such as the target impacting-point 
measurement. 
Keywords: Microphone array, Time-delay orientation, Search algorithm 

1. INTRODUCTION 
Orienting the target with the microphone array is the basis for the target detection and positioning. 

Accurately obtaining the direction information of the target is the key and basis for obtaining the target 
position information. At present, there are two methods for obtaining the target direction by using the 
microphone array. One is to obtain the time delay between the microphone array and the reference 
microphone (1-3), and use the geometric relationship of each microphone in the array to solve the 
target direction (4-6); The other is to use the multiple signal subspace method (MUSIC) (7) to solve the 
direction of multiple targets, but the signal must be continuous and stable. For the first orientation 
method, the time delay of the microphone pair must be obtained. If the desired time delay is wrong due 
to poor performance or damage of a certain microphone, or individual delay calculation errors caused 
by other circumstances, the orientation result will be inaccurate or even wrong. But this kind of 
situation are often found in engineering applications. If you can find a directional method that can 
avoid such situations, and does not affect the directional performance, it will be of great significance to 
engineering applications. 

In this paper, a target direction search algorithm based on microphone array is proposed, and the 
orientation model of arbitrary array is introduced. On this basis, certain search rules are used to 
eliminate some wrong time delay, and the target direction is finally determined. Finally, the algorithm 
is simulated and compared. 

2. ARBITRARY ARRAY ORIENTATION MODEL 
Figure 1 shows the arbitrarily distributed N-element microphone array and sound source geometry 

in three-dimensional space, where N microphones are isotropic, the target sound source is located at 
the far field P point, and the azimuth and elevation angles are represented by φ and θ, respectively. The 
position vector of the m-th element is represented by rm = [xm, ym, zm]T, and the direction vector of the 
j-th microphone to the i-th is represented as rij=rj - ri, where {i [1, N-1], j [1, N], j > i }, a total of 
Q direction vectors can be formed, where Q is 

                                                        
1 liangxubin@nint.ac.cn 
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Figure 1 – Spatial N-element microphone array and sound source geometry 

Each pair of N microphones obtains a time delay τij, which represents the time delay of the 
microphone of the j-th with respect to the microphone of the i-th, and can obtain Q delays, which are 
expressed as vectors: 

T
12 13 ( 1)[ , , , ]( 1), ( 1)N Nτ  (2) 

Then the sound path difference vector cd τ , where c is the speed of sound. The unit vector 
from the sound source to the origin O is defined as k 

sin( )cos( )
sin( )sin( )

cos( )

x

y

z

k
k
k

k  (3) 

It is assumed that the target sound source P is located in the far field and the sound wave 
propagates as a spherical wave. When the array radius is small, it is considered that the sound wave 
propagates as a plane wave when passing through the array. The direction vector of Q microphone 
pairs is expressed as a matrix as follows:  

T

12 13 ( 1)( 1)( 1)N NR r r r  (4) 
Then there is 

cRk τ  (5) 
As shown in equation (3), c and R are known quantities, τ can be obtained by time delay 

estimation, and the problem of solving the target azimuths φ and θ is converted into the solution 
direction vector k. Here, N must be greater than or equal to 3, that is, at least a 3-element array. 
When N=3, the matrix R is a non-singular square matrix. The inverse matrix R-1 of R can be directly 
obtained to obtain k=c·R-1τ=c·(RTR)-1RTτ; when N > 3, equation (5) is an overdetermined equation, 
there is no solution that strictly satisfies the equation, only the least square solution with the lowest 
norm (8).  

T 1 Tˆ min arg( ) ( )c c
k

k Rk τ R R R τ  (6) 

Therefore, when N 3, T 1 Tˆ ( )ck R R R τ . Thus, the sound source azimuth angle φ and the 
pitch angle θ can be calculated by the direction vector k.  

ˆ ˆˆ ˆarctan( / )y xk k  (7) 

2 2ˆ ˆ ˆˆ ˆarctan 0 2x y zk k k  (8) 
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3. ANGLE SEARCH ALGORITHM 

3.1 Search Rule 
In the case where all microphones have good performance and all the Q time delays are calculated 

correctly, the direction of the target can be correctly calculated using equations (6) -(7). However, in 
the case of one or more time delay errors, using equations (6)-(7) to calculate the orientation will 
result in large errors or even errors, and certain rules are needed to eliminate the erroneous delay and 
thus estimate the correct k. Let ∆d be 

ˆ ˆsin( )cos( )
ˆ ˆ ˆˆ ˆ, sin( )sin( )

ˆcos( )

c ad Rk τ k k

 

(9) 

∆d is the difference between the projection of the position vector of microphone pair on the target 
direction and the sound path difference, where k̂  is the target direction unit vector, which is 
composed of the angle estimation value, a is the coefficient, generally a 1, and Tˆ ˆ 1k k . The 
threshold T0 is set. When ||Δd|| < T0, the value of k obtained by equation (5) is considered to be valid; 
when ||Δd|| T0, it is necessary to re-estimate k with the new matrix Rnm, where Rnm is a sub-matrix 
formed by deleting n rows from R, m represents a different selection mode of n rows, and τnm is a 

sub-vector formed by deleting a corresponding rows from τ, ˆ
nm nm nm nmcd R k τ indicating that 

the difference between the projection of the position vector and the sound path difference that n 
microphone pairs are removed. 

First remove 1 row to search. When min{||∆d1m||, m [1, 1
QC ]} is less than the threshold T1, stop 

searching, and the k corresponding to the minimum value is the best estimate. Otherwise, continue 
searching; remove 2 rows. When min{||∆d2m||, m [1, 2

QC ]} is less than the threshold T2, the search 
is stopped, otherwise the search is continued; and so on, until the Q-3 rows is removed, where Q is 
shown int equation (3). In the worst case, you need to search 0 1 2 3Q

Q Q Q QC C C C 3Q
QCQ  times. When 

N is large, you need to search too many times. Under normal circumstances, a time delay error or 
poor performance of a certain microphone is more likely. Therefore, generally only consider 
removing a row from R or a few rows related to a certain microphone, so that the number of searches 

0 1
Q QC C N  will be greatly reduced. 

3.2 Threshold Determination 
In the search algorithm, the accurate selection of the threshold T can effectively delete the error 

delay, and the selection of the threshold T is the key of the algorithm. According to the microphone 
array orientation error analysis in (4, 6), the error of the orientation angle is proportional to the delay 
error. When the position of the microphone array is relatively accurate, the main source of error is the 
time delay error, so T

ij
ˆ

ijc cr k , where στ is the time delay the estimation error. Therefore, the 
formula of the threshold value Tn can be given as 

row( )n nm tT cR  (10) 
In the equations (10), row(Rnm) represents the number of rows of the matrix Rnm, and the rule for 

judging whether to continue searching is  
Tˆ ˆ ˆ( ( ) ( )nm nm nm nc c c TR k τ R k τ R k τ

 
(11) 

4. SIMULATION AND ANALYSIS 

4.1 Simulation Parameter Determination 
In this paper, the 2D model is selected for simulation. Only the azimuth angle is calculated. The 

4-element cross-plane array is used, with an array radius of 1.5m. The sampling rate is 8000kSa, the 
corresponding time is 0.125ms, and there are 6 time delays for the microphone pair. The time delay 
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used in the simulation is generated by the simulation method, as shown in equation (12). 
T

ij /ij c noiser k
 (12) 

The noise satisfies the average distribution, and the maximum amplitude is 0.125ms corresponding 
to 1 sampling point. Considering the symmetry of the 4-element cross-plane array, only the azimuth 
angle of 0~90° is selected. During the simulation, a certain time delay is randomly selected to set it to 
a random value, or a microphone is randomly selected, and the corresponding time delays are set to 
random values, wherein the random values satisfy the average distribution. The Monte Carlo method is 
used to simulate in these two ways. The preset angle interval is 1°. The azimuth algorithm uses the 
algorithms of equations (5)-(7) (hereinafter referred to as general algorithms) and angle search 
algorithms. 

4.2 The Case of A Time Delay Error 
The first method described in 4.1 is used for 1000 simulations. The angle error is defined as the 

difference between the calculated angle and the preset value. The error statistics of each angle are 
shown in Figure 2. The curves of mean and standard deviation of the angle error in the case of two 
algorithms are shown in Figure 3-4. The maximum mean and maximum standard deviations of the two 
algorithms are shown in Table 1. It can be seen from Fig. 2-4 that the angle error of the general 
algorithm is very large, and the worst case is greater than 30°, which far exceeds the cross-plane array 
error analyzed in the literature (5, 6). The maximum standard deviation of the angle error after using 
the search algorithm is 0.4713 < σφ, and the mean is randomly distributed around 0. 

 
(a) General algorithm                              (b) Search algorithm 

Figure 2 – Angle error statistics figure 

 
(a) General algorithm                          (b) Search algorithm 

Figure 3 – The mean curve of angle error at each angle 
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(a) General algorithm                          (b) Search algorithm 

Figure 4 – The standard deviation curve of angle error at each angle 

4.3 The Case of Several Time Delay Errors Related to A Microphone 
The second method described in 4.1 was used for 1000 times of simulation to obtain the angle 

error. The error statistics of each angle are shown in Figure 5. The curves of the mean and standard 
deviation of the angle error in the two algorithms were shown in figure 6-7. The maximum mean and 
maximum standard deviations of the two algorithms are shown in Table 1. It can be seen from Fig. 
5-7 that the angle error obtained by the general algorithm is very large, and in the worst case, it is 
larger than 60°, and it is impossible to use it for angle calculation; the maximum standard deviation 
of the angle error after using the search algorithm is 0.5764.<σφ, there is no significant change in the 
angle error mean value of 0.0276 and the standard deviation of 0.3499 when the time delay is normal, 
and the mean value is also randomly distributed around 0. 

 
(a) General algorithm                           (b) Search algorithm 

Figure 5 – Angle error statistics figure 

 
(a) General algorithm                         (b) Search algorithm 

Figure 6 – The mean curve of angle error at each angle 
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(a) General algorithm                          (b) Search algorithm 

Figure 7 – The standard deviation curve of angle error at each angle 

4.4 Analysis of Simulation Results 
According to the analysis of 3.1, the general algorithm is a special case of the proposed algorithm 

in this paper. The simulation was also carried out for such cases. The simulation results are shown in 
Table 1. The results are consistent with the analysis. The simulation results of the search algorithm 
used in 4.2 and 4.3 are subjected to probability density analysis, and then compared with the normal 
distribution probability density function, wherein the mean μ of the normal distribution is the 
average of the error mean, and the standard deviation σ is the average of the error standard deviation. 
As can be seen in Figure 8-9, it is consistent with the normal distribution function 

 
Figure 8 – Probability density curve with a delay error  

 
Figure 9 – Probability density curve for several delay errors 

In this paper, the simulation results of the general algorithm and the search algorithm in three cases 
are listed, as shown in Table 1. 
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Table 1 – Simulation results 

Condition 
General algorithm, deg Search algorithm, deg 

Max of mean Max of stddev Max of mean Max of stddev 

Normal 0.0294 0.3493 0.0276 0.3499 

One time-delay error 1.2203 11.5431 0.0413 0.4713 

Mult time-delay errors 9.1309 28.2536 0.0463 0.5764 
 
From the above simulation results, we can conclude: 
1) In the case that all time delays are normal, both the general algorithm and the search algorithm in 

this paper can obtain correct orientation results and there is no difference between the two. The search 
algorithm in this paper is degraded to the general algorithm, which verifies the analysis of 3.1; 

2) A time delay error, or several time delay errors caused by poor performance of individual 
microphones, will directly lead to the failure of the general algorithm, unable to obtain the correct 
orientation results. However, the search algorithm of this paper is not affected and can still obtain  the 
correct orientation result; 

3) Using the search algorithm of this paper, the positioning accuracy is high, the angle error 
conforms to the normal distribution, and the algorithm has strong stability and high reliability.  

5. CONCLUSIONS 
In this paper, the method of time delay orientation for arbitrary arrays is analyzed. Based on this, a 

search algorithm is proposed, which can eliminate the incorrect time delay and retain the correct delay 
participation angle calculation, avoiding the error of angle estimation caused by individual incorrect 
time delay. Through the simulation comparison of approximate real environment, it is proved that the 
proposed algorithm not only has high precision, but also has strong stability and high reliability. It has 
important reference significance for the practical engineering application of using time-delay 
orientation such as the target impacting-point measurement. 
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Automatic choice of microphone array processing methods for
acoustic testing
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ABSTRACT

If microphone arrays are to be used in acoustic testing, a signal processing method must be applied to produce
measurement results such as spectra and location of sources from the data. It is well know that different pro-
cessing methods may produce different results, so the practical question arises which method to choose. We
propose some strategies that allow for the a-priori choice of the most suitable processing method from the raw
measured data. One method uses the eigenvalue spectrum of the measured cross spectral matrix while another
is based on the classical beamformer output and a convolutional neural network. After estimating the apparent
number of sources and the dynamic range, the best method is looked up based on the statistical analysis of a
large number of synthetic test cases. The procedure is demonstrated using a practical example.
Keywords: Sound, Insulation, Transmission

1 INTRODUCTION

If microphone arrays are to be used in acoustic testing, a signal processing method must be applied to
produce measurement results such as spectra and location of sources from the data. However, since many
different signal processing methods are available, thought must be given also to which array data pro-
cessing method to choose. Among those methods are such that are derived from beamforming, but more
interestingly also such that use deconvolution approaches or that can be formulated as inverse methods (see
[1] for an overview and a slightly different classification). These methods are so numerous and may have
very different properties that it is not easy to understand which method(s) would be the best to use in
a particular case. However, it is apparent from both theoretical study and from practical application that
different methods may behave different and may yield different results. Consequently, the question which
one to choose deserves some attention and was already addressed in past. Ehrenfried and Koop compared
different deconvolution approaches [2] using an example test case. Data from practical array wind tunnel
measurements was used for comparison of different methods in [3] and also in [4]. Comparisons based on
synthesized data can be found in [5], in [6] and elsewhere. An international benchmarking effort offered
multiple test cases with synthesized and measured data sets which were analyzed with different methods
[7, 8]. It turns out that the quality of the results from a certain method do not just depend on the method,
but also on the input data (i.e. the specific test case). This was addressed in a monte-carlo-analysis with
12600 different test cases [9]. It was found that among others the number of sources, the dynamic range,
and the distance between sources are important factors. Based on this approach, the present paper dis-
cusses some strategies to decide which microphone array method to choose for a given data set from a
measurement.

2 METHODS AND DATA

The basis for any decision are the 12600 synthetic test cases [9] covering different number of sources,
different distances between the sources and different level differences (dynamic range) of the sources. For
the present analysis all of the following methods were applied to this data: DAMAS with modified Gauss-
Seidel solver [10], CLEAN-SC [11], Orthogonal Beamforming [12], CMF with LassoLars solver [13] and
Bayesian information criterion (BIC), CMF with NNLS solver, CMF with OMP solver and cross valida-
tion.The open source Acoular package [14] was used to perform the computations. The results in each
case were stored for 13 third-octave frequency bands, leading to around 1.5 million results in form of
sound source mappings.
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All of these results were compared to the original data set of source information from the synthetic
test cases and the estimation error was stored for each case. This way, a database with 1.8 million data
sets was established that allows for the assessment of the method-specific performance as a function of
the frequency, the number of sources, the dynamic range, and the distances between the sources. The
performance is given in form of some error measures defined in [9]:

• The overall level error ∆Lp,e,o is the difference between the power of the sum of all apparent sources
in the map and the sum of the power of the actual sources.

• The specific level error ∆Lp,e,s,i is the difference between the power in the map at the location of the
source i and the actual power of that source.

• The inverse level error ∆Lp,e,i is the difference between sum of the power at all source location and
the sum of the power of the actual sources.

The latter serves as a measure for the correct location while the former two characterize the ability of the
method to estimate correct levels.

Inspecting the database, it turns out that none of the methods performs always better than the other
methods. Instead, one general conclusion is that sometimes the inverse methods CMF-NNLS und CMF-
LassoLars give reliable results, sometimes the variants of DAMAS. In other cases however CLEAN-SC or
orthogonal beamforming are better suited. If it is assumed that one and the same method shows a similar
performance if the number of sources, the source distances and the dynamic range are similar, the database
can be used to look up the performance of each of the methods for a certain case at hand and to decide
which method to use for optimum result reliability.

However, this process is not straightforward because the necessary information is usually unknown for
measured data. One solution for this problem could be to first apply one of the methods and to estimate
the necessary information from the result. Another solution that was realized here is to use some other
approach to estimate the number of sources and the dynamic range a priori before applying any array
processing method.

Two different approaches are proposed here to do this a-priori assessment. One is based on the eigen-
value spectrum of the cross spectral matrix of microphone signals. The other approach uses a standard
beamforming map and machine learning based on convolutional neural networks (CNN) to decide which
processing method is preferable.

2.1 Eigenvalue method

The cross spectral matrix of the microphone signals can be assumed to be of full rank and positive semidef-
inite. In practice, only an estimate of this matrix is known, but these properties still hold. The eigenvalues
of the cross spectral matrix can be generally divided into two groups: those belonging to signals (the as-
sociated eigenvectors span the signal subspace) and those belonging to noise. Thus, the number of sources
corresponds to the number of eigenvalues in the signal subspace.

In a practical estimate of the cross spectral matrix from measurements it is not easy to decide which
eigenvalues belong to the signal subspace. However, as the noise subspace eigenvalues have to be the
same, this property can be used as a basis for an a-priori estimator. One simple implementation that is
used here is to split the spectrum of the matrix in two equal sums. One consists of the higher-valued signal
eigenvalues and the other of the noise eigenvalues and possibly some of the lower signal eigenvalues. This
estimator is biased towards an underestimation of number of sources but is not sensitive to small changes
in the cross spectral matrix.

Likewise, the dynamic range is also estimated from the ratio of the largest and the smallest signal
eigenvalue. This estimator is also biased. However, for the present application, this seems to be accept-
able. Figure 1 shows the results for all 12600 cases from the database. The estimator for the source
number shows a considerable dependence on the Helmholtz number (reduced frequency ) that is defined as
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Figure 1. left: average ratio of estimated number of sources and true number of sources as a function of
the true number of sources and the Helmholtz number, right: histogram of estimated dynamic
range over the actual dynamic range from the 12600 data sets (absolute number of cases per
bin).

He = f d/c with the frequency f , the array aperture d and the speed of sound c. For low He and large
number of sources the estimator tends to underestimate the number sources considerably.

Given estimates for the number of sources and the dynamic range, similar cases are looked up in the
database. Then, the performance of the different methods is measured using a combined error metric

Lp,g =
N

∑
n=0

∣∣∆Lp,e,s,n
∣∣+α ·

∣∣∆Lp,e,i
∣∣ . (1)

This includes both the specific level error and the inverse level error. In the present analysis, the weighting
factor α is chosen to be 0.01, giving emphasis to the specific level error.

2.2 CNN classifier method

For many cases of practical interest, standard beamforming is not capable of producing reliable results.
However, the map that can be produced without too much computational effort implicitly contains infor-
mation on the number of sources and the dynamic range. Decoding this information is not straightforward
because no clear criterion is known to estimate the number of sources just by looking at the map. The
same is true for the dynamic range. The approach proposed here is to use image processing by a CNN
that ingests the map and acts as a classifier that decides which method to use. Thus, in contrast to the
eigenvalue method no lookup procedure is necessary.

A convolutional neural network processes the input (often in form of an image) in a number of consec-
utive layers that applied different convolution-like operations. In this analysis a network model developed
by He et al. [15] is applied. This Residual Neural Network (ResNet) is a CNN which is build up of
similar blocks (residual layers), that can be daisy-chained as often as needed. The network used here con-
sists of 22 layers with about 725000 variables having an influence on the processing. The structure of the
whole network is shown in Table 1. The network is implemented in Tensorflow [16]. To limit the consid-
erable training effort, only four of the microphone array methods were included: DAMAS (Gauss-Seidel),
CMF-LLBIC, orthogonal Beamforming and CleanSC.

Prior to the use of the CNN as a classifier, its variables have to be estimated. In the training process the
CNN sees data for which the correct answer is known. For this process, the database was used and split
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Table 1. Structure of residual neural network ResNet-v2 22 layers

Processing Block Dimension input Dimension output No. kernels Size
ConvLayer 51×51×1 51×51×26 26 3×3

Residual Layer 1 51×51×26 26×26×26
[

26
26

]
×3

[
3×3
3×3

]
×3

Residual Layer 2 26×26×26 13×13×52
[

52
52

]
×3

[
3×3
3×3

]
×3

Residual Layer 3 13×13×52 7×7×104
[

104
104

]
×3

[
3×3
3×3

]
×3

AvgPoolLayer 7×7×104 104×1 1 7×7
Regression Layer 104×1 64×1 - 64 nodes
Regression Layer 64×1 64×1 - 64 nodes
Output Layer 64×1 4×1(a) - 4 nodes

into three parts - 80% were used for training, 10% for cross validation and 10% for evaluation after the
training. The training was realized using the Adam-optimizer [17]. The learning rate was set to 0.001, and
the parameters were set to standard values (β1 = 0.9,β2 = 0.999 und ε = 10−8). The softmax-crossentropy
function was chosen as the loss function.

The learning result after 6000 epochs of training is shown in Figure 2. The confusion matrix for the
learning data shows that in most cases, the classifier gives the correct answer. However, using the evaluation
data, the result are no that good and orthogonal beamforming is often getting confused with CleanSC.
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Figure 2. Confusion matrix after epoch 6000 between predicted labels and true labels for training data (left)
and evaluation data (right)

3 Application example

An airfoil noise measurement in an aeroacoustic wind tunnel is used here as an application example. The
setup is the same as used in [18] and consists of a NACA0012 airfoil of 28 cm span and in an open jet
wind tunnel with 20 cm nozzle diameter and a flow speed of 50 m/s. The airfoil is tripped on both sides
to ensure a turbulent boundary layer. The microphone array has an aperture of 1.3 m and is placed outside
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Figure 3. Schematic overview of the setup for the NACA0012 airfoil in the wind tunnel

the flow (Figure 3).
The eigenvalue method estimates the number of sources and the dynamic range as shown in Figure 4.

It is interesting to note that the estimated number of sources increases with frequency, while the dynamic
range stay more or less the same over the whole frequency range considered. Taking these values and
look up the performance for six different methods in similar cases, scores can be computed for each of the
methods. Figure 5 shows the result. Depending on frequency (Helmholtz number), different methods get the
best score. For lower frequencies, mostly CMF with LassoLars and BIC is to be preferred, while at medium
to high frequencies the best performance is predicted for CMF with NNLS. At very low and very high
frequencies, the methods that are recommended are DAMAS and orthogonal beamforming, respectively.

The CNN based method does not predict a score for each method, but chooses one out of the available
four methods that is recommended. Figure 6 shows the results. Similar to the eigenvalue method, CMF
is recommended for lower and mid to high frequencies. For high frequencies, DAMAS ist recommended.
This is different to what the eigenvalue method predicts.

While space constraints do not allow to show all maps for all methods, Figure 7 shows the maps for
six different methods at one third octave band. It seems reasonable to follow the recommendation of both
the eigenvalue method and the CNN based method and use CMF with LassoLars solver and BIC.

4 CONCLUSION

Using a database of 12600 precomputed cases, two methods were proposed recommend the most suitable
array signal processing method a priori from raw data. The first method uses the eigenvalue spectrum of
the cross spectral matrix to estimate the number of sources and the dynamic range. Using this estimates
similar cases are looked up in the database and from this results the most suitable method is derived. It
was demonstrated that this approach works in principle, but the estimates of source number and dynamic
range from the cross spectral matrix are biased and may lead to wrong lookups. The second method uses
the map from standard beamforming and relies on a convolutional neural network (CNN) to choose the
most appropriate processing method. The CNN was trained using the database. It turned out that the
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Figure 4. Estimates from the eigenvalue spectrum of the cross spectral matrix for the NACA0012 airfoil
measurement and Helmholtz numbers between 1 and 16: number of sources (left) and dynamic
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Figure 5. Estimated frequency-dependent score (1/Lp,g) from the eigenvalue based method for the
NACA0012 airfoil example and for six different methods. White circles mark the best choice
per Helmholtz number.

performance is good but not perfect, because sometimes it does not recommend the truly best method, but
a different method. A general conclusion is that the implementation of both methods reported here works
in principle acts as a proof of concept. It can be assumed that a larger database and more refined lookup
and training methods will lead to an even more reliable prediction of the best method to choose.
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Abstract
In the paper, we attempt to design a system to help hearing-impaired hear clearly from a speaker in a noisy
environment especially in high winds. First, we make an assumption that a listener always face directly to a
speaker so that we can enhance the speech signal by beamforming technique. However, due to effects of high
winds, we may also enhance the signal of the wind noise when the direction of the wind noise is the same as the
speaker’s. Therefore, we utilize frequency isolation, Wiener filter, in order to reduce wind noise of beamforming
signals. For the beamforming technique, we utilize the delay and sum beamformer (DS BF). However, because
the beam-width changes with frequency variance, some methods are used like minimum variance distortionless
response (MVDR) and linearly minimum constrained variance (LMCV). Notwithstanding, these two methods
are computation complexity. Hence, we use a multi-beamforming method to get the constant beam-width with
low complexity. The data results show that this method of combination of multi-beamforming and revised
Wiener filter improve the quality of sound of a speaker for the speed of wind at 4.0 m/s and it reduces the mean
square error by approximately 77.639%, comparing with the distortion speech.
Keywords: Frequency isolation, Wiener filter, Beamforming

1 INTRODUCTION
Wind noise is a non-stationary signal and its mean and standard deviation change with time, unlike a white
noise which belongs to a weak stationary signal and its mean and standard deviation are constant at all time
points. Hence, in the paper, we analyse wind noise by short time Fourier transform (STFT) in a short period
of time and approximately remove wind noise by frequency isolation concept, Wiener filter([1]-[3]).
Wiener filter has been used in image processing in order to restore the original image from distortion and this
filter also is used in speech signal processing such as source separation. If we estimate the power spectra of
wind noise and speech accurately, we can approximately separate the two sources. However, in real world, it
is a little difficult to estimate the power spectra of wind noise and speech, especially when the two signals are
mixed together. Therefore, in the paper, we measure the speed of wind by an anemometer to get a wind noise
model and apply this model as noise to restore the clean speech from distortion by revised Wiener filter in
section 2.3. However, this method places a limit of handling with high winds when the speed of wind is higher
than 4.0 m/s. In order to deal with and improve this phenomenon, we apply a beamforming technique to get
better performance.
Delay and sum beamforming has been used in microphone array system, telecommunication, radar and sonar
because it brings effective results for reducing interference signal from a specific direction. Nevertheless, the
beam-width of traditional delay and sum beamforming is narrower when the frequency of the incoming signal
is higher. Hence, several invariant frequency beamforming methods have been proposed, such as minimum
variance distortionless response (MVDR) and linearly minimum constrained variance (LMCV). However, the
computation of these two methods are too complex to execute in real time when the number of sensors is high.
In the paper, we apply multi-beamforming([4]-[7]) to reduce wind noise especially in high winds.
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Figure 1. Illustration of Wiener filter and signal model

2 WIENER FILTER AND DATA COLLECTION
2.1 Wiener filter equation
Wiener filter can be derived from least mean square error estimation (LMSE) and its model is as shown in
Fig. 1. In the paper, s[n] represents a clean speech, u[n] represents wind noise and x[n] represents the mixed
signal of a clean speech and wind noise and y[n] is the results of Wiener filter. D(e jω) represents the frequency
response of distortion and H(e jω) represents the frequency response of Wiener filter. In our experiment, we
assume that the magnitude response of distortion system |D(e jω)| is unity and phase response ∠D(e jω) is zero
so that a mixed signal of a clean speech and wind noise can be expressed as Eq. 1 and the relation of y[n] and
x[n] is as Eq. 2.

x[n] = s[n]+u[n]. (1)

y[n] = h[n]∗ x[n] =
p−1

∑
k=0

h[k]x[n− k] = xnhT . (2)

Where h[n] represents the impulse response of Wiener filter, xn = {x[n],x[n−1],x[n−2]...x[n− p+1]} is the se-
quence of the mixed signal of a clean speech and wind noise, where n= 0,1,2...N−1 and h= {h[0],h[1],h[2]...h[p−
1]} represents the impulse response of Wiener filter so the error e[n] can be estimated the vector as follows,

e[n] = s[n]− y[n] = s[n]−xnhT . (3)

The average squared error function can be written as

E{e[n]2}= E{s[n]−xnhT}2 = E{s[n]2}−2hT E{xns[n]}+hT E{xnxT
n }h = γss[0]−2hT

γsx +hT Rxxh, (4)

where Rxx = E{xnxT
n } is an auto-correlation matrix function of the mixed signal of speech and wind noise and

γss[0] is an auto-correlation vector of speech signals and γsx = E{s[n]x[n]} is a cross-correlation vector of speech
signals and mixed signals of speech and wind noise. In order to achieve the minimum error, we take the partial
derivation with respect to h in Eq. 4 and the following relation is derived,

h = R−1
xx γsx. (5)

If we assume that wind noise is uncorrelated with speech signals, Eq. 5 can be rewritten as:

h = (Rss +Rnn)
−1

γss, (6)

and an equivalent frequency-domain representation of the Wiener filter can be expressed as follows,

H(e jω) =
|S(e jω)|2

|S(e jω)|2 + |N(e jω)|2
. (7)
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2.2 Wind noise analysis and preliminary trials
In the experiment, we recorded two groups of wind noise data, the first group of wind noise data was recorded
in the schoolyard of National Tsing Hua University. The second group of wind noise data was recorded in the
recording room by an electric fan and the recording device of these two groups is a built-in microphone of
Sony cell phone. For the first group, we analyse the actual wind noise to attempt to know the properties of
wind, for the second group, we attempt to record the similar wind noise with an approximately constant speed
by an electric fan. At the beginning of the experiment, we recorded a clean speech and wind noise respectively
and then mixed them together, the results are as shown in Fig. 2 to Fig. 4.

Figure 2. The spectrogram of the normalized speech Figure 3. The spectrogram of the normalized wind
noise

The context of the clean speech is "Sophie is a beautiful princess." and the Wiener filter result by Eq. 7 is as
shown in Fig. 5.

Figure 4. The spectrogram of the normalized mixed
signal of speech and wind noise Figure 5. The spectrogram of Wiener filter result

From the above results, it is clear that we can approximately restore a clean speech from distortion by wind
noise if we first know the spectra of a clean speech and wind noise. However, in real world, it is a little
difficult to estimate the clean speech and wind noise when they are mixed together. In the next section, we
introduce the revised Wiener filter to remove wind noise from a clean speech.

2.3 Revised Wiener filter
If we have the information of the spectrum of wind noise, we can approximately estimate the frequency re-
sponse of a revised Wiener filter, as follows,
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HR(e jω) =
|X(e jω)|2−α|N(e jω)|2

|X(e jω)|2
. (8)

Where X(e jω) represents the spectrum of the mixed signal of a clean speech and wind noise and N(e jω)
represents the spectrum of wind noise. In this part, we recorded two kinds of speed of wind noise by an
electric fan in a recording room, the first speed of wind by an electric fan is 2.4 m/s and the second speed of
wind by a electric fan is 4.0 m/s. The wind speed corresponds to Beaufort scale 0 to 2. The Fig. 6 and Fig. 7
show the spectrogram of wind noise by an electric fan with different speeds: 2.4 m/s and 4.0 m/s respectively.

Figure 6. The spectrogram of the normalized wind
noise (the speed of wind: 2.4 m/s)

Figure 7. The spectrogram of the normalized wind
noise (the speed of wind: 4.0 m/s)

It seems to be that when the speed of wind is higher, the average amplitude and frequency are higher, and the
spectrogram of two mixed signals of a clean speech and wind noise are shown in Fig. 8 and Fig. 9.

Figure 8. The spectrogram of mixed signals (speed of
wind: 2.4 m/s)

Figure 9. The spectrogram of mixed signals (speed of
wind: 4.0 m/s)

In our experiment, we utilize revised Wiener filter to restore the clean speech from wind noise distortion and
the value of α is 100.(due to the fact that we recently cannot predict the waveform of wind noise so that we
approximately choose the high value of α) The spectrogram of two revised Wiener filter signals are shown in
Fig. 10 and Fig. 11. From these results, in real world, it appears that it has a limitation of high winds source
separation. Therefore, we combine the beamforming technique to solve this problem.
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Figure 10. The spectrogram of revised Wiener filter
signal (speed of wind:2.4m/s)

Figure 11. The spectrogram of revised Wiener filter
signal (speed of wind:4.0m/s)

Figure 12. Illustration of uniform linear array

3 BEAMFORMING TECHNIQUES
3.1 Delay and sum beamforming with uniform linear array
The configuration of an uniform linear array (ULA) of microphones is shown in Fig. 12. If we have N micro-
phones, the beampattern can be expressed as follows,

An(θ) =
N−1

∑
n=0

e− j2π f τn . (9)

Where, τn = nd sinθ

c is the time delay for each microphone (so the index delay is τn× fs, fs represents the
sampling frequency), d is the distance between adjacent microphones. c is the speed of sound. By the beam-
width definition, the beam-width can be expressed as θBW = 2arcsin c

Nd f . Clearly, the beam-width is dependent
on the number of microphones, the distance of microphone array and the frequency of the source. If we fix
the number of microphones and the distance d, then θBW decreases when f increases. The frequency of the
source is higher, the beam-width is narrower. In contrast, the source of the frequency is lower, the beam-width
is wider. The microphone array beam-width is as shown in Fig. 13 for the number of microphone array is 8
and the distance between each microphone is 0.2m.

3.2 Multi-beamforming
The multi-beamforming method makes the beam-width constant over a wide frequency range. That is, θBW =

2arcsin( c
Nd f +

τ(ω)
τ0

) is constant from the specific frequency range. From the above equation, the phase delay
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Figure 13. The beam-pattern of traditional ULA sys-
tem

Figure 14. The beam-pattern of multi-beamforming
system

Figure 15. The spectrogram of multi-beamforming and revised Wiener filter

τ(ω) is 1
N f (

ω

ω0
− 1), so that the phase function f (ω) is 2π

N (1− ω

ω0
), and the results is shown as Fig14, where

ω0 = 2π(1000) and in this multi-beamforming method experiment, the formula is as shown in Eq. 10.

An(ω,θ) =
r−1

∑
i=0

N−1

∑
n=0

ane− jnωτ0 sinθ e jn f (ω) i
r . (10)

Where r is N/2, τ0 =
d
c and an represents the frequency response of source by nth channel and N is the number

of microphone in an array system. In our experiment, we make an assumption that speakers always talk with
each other face to face so that the value of θ is zero and Eq. 10 can be expressed as follows,

An(ω,θ) =
r−1

∑
i=0

N−1

∑
n=0

an(1)e jn f (ω) i
r . (11)

4 RESULTS AND DISCUSSION
4.1 Results
The result of multi-beamforming and revised Wiener filter by Eq. 11 is as shown in Fig. 15, under the condition
of the speed of wind is 4.0 m/s, comparing with the result of revised Wiener filter (Fig. 11) and the distorted
speech (Fig. 9), the results of mean square error (MSE) are shown in Table. 1.
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The results of a mean square error table is as follows.

Table 1. The results of mean square error (wind speed: 4.0 m/s)

The type of audio source distorted speech revised Wiener filter multi-beamforming and revised Wiener filter
MSE 0.0322 0.0077 0.0072

4.2 Discussion
We initially assumed that speakers always talk with each other face to face, applying the combination of multi-
beamforming and revised Wiener filter to remove wind noise from speech. This study uses data from the
recording room by an electric fan, to get approximately a constant wind speed, particularly for 4.0 m/s, mea-
sured by an anemometer and a recording device, a built-in microphone of a Sony cell phone. The results show
that the performance of the combination of multi-beamforming and revised Wiener filter is better than that of
revised Wiener filter only, reducing the mean square error by approximately 6.49%. In comparison with the
distorted speech, the multi-beamforming and revised Wiener filter can reduce the mean square error by approxi-
mately 77.639%. Reliance on these measures should be tempered, for the presumed notion that speakers always
talk with each other face to face and the man-made wind noise. Overall, it appears that under these conditions,
we can improve the performance of distorted speech, suggesting that we can produce, in the future, the wave-
form of wind noise according to their speed, in order to design a better framework, handling with wind noise
separation from a clean speech.

5 CONCLUSIONS
Our findings show that we can utilize multi-beamforming and revised Wiener filter to improve the performance
that compares with the distorted speech, especially in high winds of approximately at 4.0 m/s.
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Abstract
In microphone array beamforming, it is desirable to achieve a directive gain as high as possible for maximum
acoustic noise rejection. The well-known superdirective beamformer was developed for this purpose; but it is
sensitive to array imperfections such as sensors’ self noise, sensor placement errors, mismatch among sensor
responses, etc, which restrict its application in practical systems. To circumvent the robustness issue, we recently
developed a flexible high directivity beamforming method that can achieve a flexible compromise between the
directivity factor (DF) and the level of white noise gain (WNG) by adjusting the value of a control parameter.
This principle is further extended in this work. We present a beamforming method with spherical microphone
arrays. It first determines the maximum order (consequently the largest value of DF) that can be achieved in an
analytical way based on a specified level of WNG that is tolerable by the array in the frequency band of interest.
This order is then used to determine the value of a control parameter. The maximum-achievable-directivity
beamformer is then designed. The advantage of this beamformer over the existing ones is that it is robust to
implement and yet able to achieve the maximum possible DF.
Keywords: Spherical microphone arrays, directivity factor, superdirective beamformer, white noise gain.

1 INTRODUCTION
Microphone array beamforming, which aims at enhancing acoustic and speech signals from a desired look
direction and attenuating noise and interference from other directions, is an important topic in speech process-
ing [1–4]. Many algorithms have been developed including but not limited to the delay-and-sum beamformer,
the superdirective beamformer [5–7], differential beamformers [8–13], and the modal beamformers [14, 15].
Generally, the beamformer’s performance depends not only on the beamforming algorithm used, but also on the
array geometry. In many practical applications such as teleconferencing and three-dimensional sound recording
and reproduction, spherical microphone arrays are generally preferred because they can have similar responses
across different directions in the three-dimensional space. Among many beamforming methods developed for
spherical microphone arrays [2, 15–21], the superdirective beamformer, which maximizes the directivity factor
(DF), is effective in suppressing directional noise and reverberation and therefore has great potential to be used
in noisy auditory scenes [2, 22–24]. However, the lack of robustness is a serious issue that prevents this beam-
former from being widely used in a wide range of acoustic applications. In our previous work, we proposed
a flexible high directivity beamformer, which attempts to a compromise between the DF and the white noise
gain (WNG) [25]. In this paper, we extend the idea to design a maximum-achievable-directivity beamformer
with spherical microphone arrays that can achieve the largest possible DF and maintain the WNG larger than a
pre-specified level.
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Figure 1. Illustration of a spherical microphone array in the Cartesian coordinate system, where (θs, ϕs) denotes
the source incidence direction.

2 SIGNAL MODEL AND PROBLEM FORMULATION
We consider a spherical microphone array with a radius of r, which consists of M omnidirectional micro-
phones. We assume that the center of the spherical microphone array coincides with the origin of the Cartesian
coordinate system as shown in Fig.1. The azimuth angle ϕ is measured counterclockwise from the x-axis, while
the elevation angle θ is measured downwards from the z-axis. Suppose that we want to steer the beamformer
to the direction (θ, ϕ), the steering vector of length M is written as

d (ω, θ, ϕ) =
[

eȷϖpT r1 eȷϖpT r2 · · · eȷϖpT rM

]T

, (1)

where the superscript T is the transpose operator, ȷ is the imaginary unit with ȷ2 = −1, ϖ = ωr/c, ω = 2πf
is the angular frequency, f > 0 is the temporal frequency, c is the speed of sound in the air (c = 340 m/s),
p =

[
sin θ cos ϕ sin θ sin ϕ cos θ

]T
, and rm =

[
sin θm cos ϕm sin θm sin ϕm cos θm

]T
.

Assume that the source signal of interest propagates from the direction (θs, ϕs). The observation signal vector
can be written as

y (ω) =
[

Y1 (ω) Y2 (ω) · · · YM (ω)
]T

= d (ω, θs, ϕs) X (ω) + v (ω) , (2)

where Ym (ω) , m = 1, 2, . . . , M is the signal observed by the mth microphone, X (ω) is the source signal of
interest (also called the desired signal), and v (ω) is the additive noise vector.
Beamforming is achieved by applying a complex-valued weight to each microphone signal and then summing
up the weighted outputs to obtain an estimate of the desired source signal, i.e.,

Z (ω) =
M∑

m=1
H∗

m (ω) Ym (ω) (3)

= hH (ω) y (ω)
= hH (ω) d (ω, θs, ϕs) X (ω) + hH (ω) v (ω) ,
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where the superscript ∗ is the complex-conjugate operator, the superscript H is the conjugate-transpose operator,
and

h (ω) =
[

H1 (ω) H2 (ω) · · · HM (ω)
]T

(4)

is the beamforming filter of length M .
The objective of beamforming is to design h (ω) such that Z (ω) is a good estimate of X (ω). Generally, the
distortionless constraint at the desired look direction, i.e.,

hH (ω) d (ω, θs, ϕs) = 1, (5)

should be used so that the desired signal can pass through the beamformer without being distorted while noise
and interference from directions other than the desired look direction are attenuated.

3 MAXIMUM-ACHIEVABLE-DIRECTIVITY BEAMFORMER WITH WHITE-NOISE-
GAIN CONSTRAINT

The beampattern, which depicts the response of the array to the signal incident from the direction (θ, ϕ), is
defined as

B [h (ω) , θ, ϕ] = hH (ω) d (ω, θ, ϕ) (6)

=
M∑

m=1
H∗

m (ω) eȷϖpT rm .

The ideal beampattern is expected to have a unit impulse at the desired look direction and be zero elsewhere,
i.e.,

B (θ, ϕ) = δ (cos θ − cos θs) δ (ϕ − ϕs) , (7)

where δ (·) denotes the Dirac delta function. In practice, this beampattern is impossible to achieve, so we
approximate it by a series of spherical harmonics up to the N th order [19], i.e.,

B (θ, ϕ) ≈ BN (θ, ϕ) =
N∑

n=0

n∑
l=−n

[
Y l

n (θs, ϕs)
]∗

Y l
n (θ, ϕ) , (8)

where

Y l
n (θ, ϕ) =

√
2n + 1

4π

(n − l)!
(n + l)!

P l
n (cos θ) eȷlϕ (9)

denotes the spherical harmonics of order n (= 0, 1, 2, . . . , +∞) and degree l (= 0, ±1, . . . , ±n), with (·)! being
the factorial function and P l

n (cos θ) being the associated Legendre function of order n and degree l [26].
One way to design beamformers is to optimize the filter, h (ω), to make the designed beampattern, i.e.,
B [h (ω) , θ, ϕ], as close as possible to BN (θ, ϕ). However, the resulting beamformer generally suffers from
serious white noise amplification at low frequencies. To achieve a flexible compromise between the DF and the
level of WNG, a flexible high directivity beampattern is defined in [25]

BN,α (θ, ϕ) = 1
κN

[αBN (θ, ϕ) + (1 − α)BN−1 (θ, ϕ)] (10)

= α

κN

N∑
n=0

n∑
l=−n

[
Y l

n (θs, ϕs)
]∗

Y l
n (θ, ϕ) + 1 − α

κN

N−1∑
n=0

n∑
l=−n

[
Y l

n (θs, ϕs)
]∗

Y l
n (θ, ϕ)

= 1
κN

N∑
n=0

n∑
l=−n

ξn

[
Y l

n (θs, ϕs)
]∗

Y l
n (θ, ϕ) ,
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where α ∈ [0, 1] is a real-valued control parameter, κN = 1
4π

[
N2 + α (2N + 1)

]
is the corresponding normal-

ized factor, ξn = 1, for n = 0, 1, . . . , N − 1, and ξn = α, for n = N . Clearly, if α = 0, BN,α = BN−1 (θ, ϕ),
and if α = 1, BN,α = BN (θ, ϕ). As the value of α increases from 0 to 1, the DF of the resulting beamformer
increases; but the noise amplification problem may become more serious.
The WNG, which evaluates the robustness of the beamformer to the array’s imperfection [2, 3], is defined as

W [h (ω)] =
∣∣hH (ω) d (ω, θs, ϕs)

∣∣2

hH (ω) h (ω)
. (11)

In this paper, we propose a maximum-achievable-directivity (MAD) beamformer, which can obtain the maximum
possible directivity while maintains a specified level of WNG for robustness. This problem can be described as

hN,α(ω) = arg
h(ω)

max W [h (ω)] s.t.
{

B [hN,α(ω), θ, ϕ] = BN,α (θ, ϕ)
W [hN,α(ω)] ≥ W0

, (12)

which can be equivalently expressed [assuming that the distortionless constraint is fulfilled in BN,α (θ, ϕ)] as

hN,α(ω) = arg
h(ω)

min hH(ω)h(ω) s.t.
{

B [hN,α(ω), θ, ϕ] = BN,α (θ, ϕ)
W [hN,α(ω)] ≥ W0

, (13)

where W0 denotes the minimum level of WNG.
Using the spherical harmonic expansion, we have

eȷϖpT rm =
∞∑

n=0

n∑
l=−n

4πȷnJn(ϖ) ×
[
Y l

n (θm, ϕm)
]∗

Y l
n (θ, ϕ) , (14)

where Jn(ϖ) is the nth-order spherical bessel functions of the first kind. Substituting (14) into (6), we deduce
that

B [h(ω), θ, ϕ] =
M∑

m=1
H∗

m(ω)eȷϖpT rm (15)

≈
M∑

m=1
H∗

m(ω)
N∑

n=0

n∑
l=−n

4πȷnJn(ϖ) ×
[
Y l

n (θm, ϕm)
]∗

Y l
n (θ, ϕ)

=
N∑

n=0

n∑
l=−n

Y l
n (θ, ϕ) 4πȷnJn(ϖ) ×

M∑
m=1

H∗
m (ω)

[
Y l

n (θm, ϕm)
]∗

.

Comparing the result in (15) and the target beampattern BN,α (θ, ϕ) in (10), we get the following relationship:

4π [ȷnJn(ϖ)]∗
M∑

m=1
Hm (ω) Y l

n (θm, ϕm) = ξn

κN
Y l

n (θs, ϕs) . (16)

It follows immediately that
Yh (ω) = η (ϖ) , (17)

where

Y =



Y 0
0 (θ1, ϕ1) Y 0

0 (θ2, ϕ2) · · · Y 0
0 (θM , ϕM )

Y −1
1 (θ1, ϕ1) Y −1

1 (θ2, ϕ2) · · · Y −1
1 (θM , ϕM )

Y 0
1 (θ1, ϕ1) Y 0

1 (θ2, ϕ2) · · · Y 0
1 (θM , ϕM )

Y 1
1 (θ1, ϕ1) Y 1

1 (θ2, ϕ2) · · · Y 1
1 (θM , ϕM )

...
...

. . .
...

Y N
N (θ1, ϕ1) Y N

N (θ2, ϕ2) · · · Y N
N (θM , ϕM )


(18)
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Figure 2. Beampatterns of the MAD beamformer with different values of W0: (a) W0 = −40 dB, (b) W0 =
−30 dB, (c) W0 = −20 dB, and (d) W0 = −10 dB. Conditions of simulations: M = 32, r = 3 cm,
f = 1 kHz, and (θs, ϕs) = (90◦, 115◦).

is a matrix of size (N + 1)2 × M , and

η (ϖ) = 1
κN

[
ξ0Y 0

0 (θs,ϕs)
4πJ ∗

0 (ϖ)
ξ1Y −1

1 (θs,ϕs)
4π[ȷJ1(ϖ)]∗ · · · ξN Y N

N (θs,ϕs)
4π[ȷN JN (ϖ)]∗

]T

(19)

is a vector of length (N + 1)2.
Generally, M ≥ (N + 1)2, the minimum-norm solution of (17) is

hN,α (ω) = YH
(
YYH

)−1
η (ϖ) , (20)

which gives the N th-order MAD beamformer.
The corresponding WNG of the N th-order MAD beamformer is

W[hN,α(ω)] =
M

[
N2 + (2N + 1) α

]2

(2N+1)
J 2

N
(ϖ) α2 +

∑N−1
n=0

(2n+1)
J 2

n(ϖ)

. (21)

Clearly, the WNG of the beamformer is a decreasing function of α and satisfies

M(N + 1)4∑N
n=0

(2n+1)
J 2

n(ϖ)

≤ W[hN,α(ω)] ≤ MN4∑N−1
n=0

(2n+1)
J 2

n(ϖ)

. (22)

In practice, we should first determine the order N and the value of the parameter α according to W0. Assume
that the maximum designable order we want to achieve is NM, the order N and the parameter α can be
determined as follows.

2756



Figure 3. DFs and WNGs of the MAD beamformer as a function of the frequency, f : (a) DF and (b) WNG.
Conditions of simulation: M = 32 and r = 3 cm.

• If W0 < M(NM + 1)4/(
∑NM

n=0
(2n+1)
J 2

n(ϖ) ), we simply choose N = NM and α = 1.

• If W0 ∈
[
M(NM + 1)4/(

∑NM
n=0

(2n+1)
J 2

n(ϖ) ), M
]
, we first determine the order N as

N = arg
N ′

M(N ′ + 1)4

N
′∑

n=0

(2n + 1)
J 2

n (ϖ)

≤ W0 ≤ MN ′4

N
′
−1∑

n=0

(2n + 1)
J 2

n (ϖ)

, (23)

and then determine the value of the parameter α according to the following equation:

M
[
N2 + (2N + 1) α

]2

(2N+1)
J 2

N
(ϖ) α2 +

∑N−1
n=0

(2n+1)
J 2

n(ϖ)

= W0, (24)

whose solution is

α =
MN4(2N + 1) +

√
W0MN4 (2N+1)

J 2
N

(ϖ) −
[
W0

2 (2N+1)
J 2

N
(ϖ) − W0M(2N + 1)2

] ∑N−1
n=0

(2n+1)
J 2

n(ϖ)

W0
2N+1
J 2

N
(ϖ) − M(2N + 1)2 . (25)

With the determined order N and the value of the parameter α, the MAD beamformer is subsequently obtained
according to (20), which is robust to implement and can achieve the maximum possible DF with a specified
level of WNG.

4 SIMULATIONS
In this section, we evaluate the performance of the MAD beamformer. We consider a spherical microphone
array with a radius of r = 3 cm, which consists of 32 omnidirectional microphones. The maximum designable
order of the MAD beamformer is NM = 4. The desired steering direction is (90◦, 115◦).
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Figure 2 plots the beampatterns of the MAD beamformer for W0 ∈ {−40 dB, −30 dB, −20 dB, −10 dB},
f = 1 kHz, where the upper subplot shows the beampatterns in the three-dimensional space and the lower
subplot shows the corresponding two-dimensional beampatterns relative to ϕ. It is seen that the beampattern
varies with the value of W0 and a larger value of W0 corresponds to a narrower main beam.
Figure 3 plots the DFs and the WNGs of the MAD beamformer as a function of the frequency. It is clearly
seen that the designed beamformer can make the WNG larger than the specified level over the frequency band
of interest. It is also seen the DF is improved with the increase of the frequency, and the maximum DF is
10 log10(NM + 1)2 ≈ 13.98 dB, which corresponds to the fourth-order MAD beamformer.

5 CONCLUSIONS
In this paper, we developed a MAD beamformer with spherical microphone arrays. It first determines the order
of the beamformer based on the minimum level of WNG that is tolerable by the beamformer in the frequency
band of interest. This order is then used to determine the value of a control parameter with a specified level
of WNG. Both the order and the control parameter are determined in an analytic form. The MAD beamformer
is subsequently designed, which is able to achieve the maximum possible DF while keeping the WNG larger
than the specified level over the frequency band of interest. This MAD beamformer is robust to implement in
practice.
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ABSTRACT 
Beamforming has been one of the important issues in the field of multi-channel signal processing including 
acoustic signal processing. A wide variety of beamformers have been proposed for each application. In 
general, acoustic beamforming deals with broadband signals such as speech signals compared to 
narrowband beamforming for antenna array and radar applications. Recently, neural network-based 
non-linear beamformers become popular but have a problem that causes an annoying non-linear distortion 
on the output signal. In the case of speech enhancement, it is a serious problem because our auditory 
system is highly sensitive to artificial non-linear distortion on speech signals. This paper proposes to solve 
the problem with the relaxed dual cost functions in the neural network-based beamformer for speech 
enhancement. The primary cost function aims at sharpening the beam-pattern, and the second cost function 
is introduced to achieve decreasing speech distortion. Those cost functions are alternatively used for 
optimizing the beam-pattern in the frequency range of speech signals. The feasibility of the proposed 
method is confirmed by carrying out a listening test. 
 
Keywords: Beamforming, neural network, non-linear distortion, cost functions, spectral distortion 

1. INTRODUCTION 
Beamforming is a representative means for noise reduction and signal enhancement [1]. It enables 

to detect and enhance target signals in adverse conditions. A wide variety of beamformers have 
proposed for several decades. The traditional beamformers have been designed analytically and 
adaptively [1]. A neural network can be an alternative approach to optimizing the beamformers. 
Kobatake et al. proposed a pioneering super-directive beamformer with the three-layered neural 
network (NN) structure [2]. The NN-based beamformers became popular for narrow-band antenna 
applications [3-5]. It is, however, difficult for those beamformers to deal with wide-band acoustical 
signals, although various non-linear beamformers with learning schemes based on NNs have been 
investigated for acoustical applications [6-9]. 

Non-linear beamformers could achieve sharp beampatterns using the proposer training data, but 
cause annoying distortion on the output target signals. It is difficult to decrease the distortion on the 
target signal due to non-linear activation functions in each layer of the NN. The author proposed a 
deep neural network(DNN)-based beamformer with relaxed cost functions, which aim at decreasing 
the non-linear distortion [10]. The sub-band neural networks are individually trained using 
band-limited training data when the microphone arrangement is optimized for the frequency range of 
speech [11]. The discontinuity in the frequency domain causes another type of non-linear distortion. 
Bonafonte et al. proposed an end-to-end speech enhancement scheme with a generative adversarial 
network [12]. It succeeds in neural network-based speech enhancement with less distortion. However, 
it requires a huge amount of training data due to its higher degree of freedom. Koizumi et al. 
proposed a DNN-based source enhancement scheme, where the DNN is trained to increase objective 
sound quality assessment scores such as the perceptual evaluation of speech quality (PESQ). 

In this paper, a NN/DNN-based beamformer with the relaxed dual cost functions is proposed for 
speech enhancement. The proposed beamformer employs the different cost functions based on the 
directivity and spectral distortion in the spatial and spectral domains, respectively. The primary cost 
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function based on the spatial features used in end-to-end NN-based beamformer achieves sharpening 
the beam-pattern, and the second cost function in the spectral domain is introduced to achieve 
decreasing speech distortion. Those cost functions are alternatively used for optimizing the 
beam-pattern in the frequency range of speech signals. The feasibility of the proposed method is 
confirmed by computer simulation with a small amount of training data, which include sinusoidal 
signals, random noises, and speech signals. The feasibility of the proposed beamformer is evaluated 
by carrying out a listening test. 

2. NON-LINEAR NEURAL NETWORK-BASED BEAMFORMER 
Beamforming can be achieved by linear signal processing, where multiple observed signals are 

phase-adjusted and summed up such as the delay and sum beamformer [1]. The target signal coming 
from the desired direction is not distorted by the linear beamforming. On the other hands, 
interference signals coming from the undesired directions are weakened by phase interference. 
However, the delay-and-sum beamformer is not superior in controlling the directivity pattern 
compared with the state-of-the-art beamformers. The delay-and-sum beamformer needs a number of 
microphones to form the sharp main lobe, especially in the low-frequency range and does not turn 
attention to the directions except the look direction.  

Kobatake et al. proposed a novel framework of non-linear beamforming, where a three-layered 
NN was employed to achieve superdirectivity [2]. The NN is trained as an end-to-end autoencoder. 
The NN is allowed to output the input signal as it is, only when the signal comes from the target 
direction. When signals come from non-target directions, the NN is trained not to output any signal 
in the training phase. It can achieve superdirectivity for the narrowband signal such as sinusoidal 
signals. However, the non-linear activation functions used in the NN-based beamformers cause the 
non-linear distortion on the target signal. Non-linear distortion should be reduced for wide-band 
acoustic applications. 

3.  NEURAL NETWORK-BASED BEAMFORMER WITH LESS DISTORTION 
The conventional NN-based beamformers merely aimed at forming the sharp main lobes using the 

directivity-based cost functions. NN is a flexible framework for system optimization. Then, another 
cost function is additionally introduced based on spectral distortion, which can optimize the 
beam-pattern in minimizing the spectral distortion of the target signal. Those cost functions based on 
directivity and spectral distortion enable to reduce interfering signals and decrease the spectral 
distortion of the target signal, respectively. The dual cost functions are alternatively used in the 
training process. 

The proposed beamformer is trained using a sinusoidal signal of 1.7 kHz and speech database, 
which consists of 27 English speakers [14], for the cost functions based on directivity and spectral 
distortion, respectively. In this paper, the target signals are speech signals so that the frequency range 
is limited from 300 Hz to 3.4 kHz. 

 For speech data set uttered by each speaker, the proposed beamformer is trained with the cost 
function based on spectral distortion after the pre-training is completed with the directivity-based 
cost function. In the pre-training phase, the sinusoidal signal is given to the neural network-based 
beamformer sample by sample with the sampling frequency of 44.1 kHz with 16 bits in the accuracy. 
In the later training phase, the amplitude spectra obtained by the short-term Fourier transform with 
256 samples with the sift of 20 samples are prepared as the training data. The resultant parameter sets 
are used as the initial values for the training with another speech dataset by the different speaker. 

4. PERFORMANCE EVALUATION 

4.1 Experimental Conditions 
The experimental conditions are summarized in Table 1. The target male speech signal came from 

the front (0 degrees), and either pink noise or urban noise, which was recorded in a pinball parlor 
[15], come from 45 degrees. Both the target and interference signals were band-limited in 300 Hz to 
8 kHz. Noisy observation data were prepared by the phase adjustment in a computer at -10 dB in the 
target-to-interference ratio. Noisy signals were obtained using an 8-ch linear microphone array, of 
which neighboring microphone spacing was 10 cm, in the far field condition. 
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Table 1 – Experimental conditions   

Target signal Male utterance (300 Hz to 8 kHz) 

Interference signal Pink noise and urban noise (300 Hz to 8 kHz) 

Arrival direction of target signal 0 degrees 

Arrival direction of interference signal 45 degrees 

Target-to-interference ratio -10 dB 

Signal accuracy 44100 Hz / 16 bits 

Number of microphone 8 

Microphone spacing 10 cm 

 
In this paper, three kinds of the proposed methods were prepared as the three-layered NN-based 

beamformer with spatial and spectral cost functions in order, the same beamformer with the dual cost 
functions in the inversed order, and the five-layered DNN-based beamformer with dual cost function 
in the normal order. In addition, the conventional delay-and-sum beamformer, five-layered 
DNN-based end-to-end beamformer [9], and the distortion-less DNN-based beamformer [10] were 
prepared as references. 

4.2 Procedure 
In the listening test, Thurstone’s paired comparison was carried out to subjectively confirm the 

feasibility of the proposed method. 20 undergraduates and graduate students with normal hearing 
participated in the listening test. They were required to choose the better speech sample in between 
two noise-reduced speech samples in terms of the noisiness of the interference noise, clearness of the 
target speech, and easiness in speech perception. 

The noise-reduced samples were presented through the headphone amplifier with USB-DAC 
(Marantz HD-DAC1) and headphone (Sennheiser HD650). Each speech sample was played at 81 dB 
on an average in A-weighted sound pressure level. The sound pressure level was measured using the 
ear simulator (B&K Type 4153) and the handheld analyzer (Aco Type 6240). 

4.3 Results 
The results of the listening test are given in Figs. 1 and 2 for the pink noise and urban noise, 

respectively. In each panel, six speech samples are plotted including three proposed methods: 
Proposed-BF (3-layered), Proposed-BF (5-layered), and Proposed-BF (inversed CF).  

The statistical difference between the two speech samples was confirmed by the binomial test at a 
significant level of 5 %. The pair of speech samples with the significant differences are overplotted 
in each panel. 

4.4 Discussion 
In Fig. 1 in the pink noise condition, the proposed methods are evaluated with higher scores 

compared with the five-layered DNN-based beamformer. However, the distortion-less DNN-based 
beamformer [10] obtains the best score in terms of the clearness of the target speech. The 
delay-and-sum beamformer is also evaluated better than the proposed methods. The proposed 
methods need to be improved to decrease the distortion of the target signal under wide-band noise 
conditions. 

In Fig. 2 in the urban noise condition, the three proposed methods are prior to the other method. 
Among the proposed methods, the three-layered NN beamformer is better than the five-layered DNN 
beamformer There are significant differences against five-layered DNN-based end-to-end 
beamformer [9] or the distortion-less DNN-based beamformer [10]. The urban noise has the 
dominant power in the lower frequency range below 1 kHz. The resultant noise component of the 
NN/DNN beamformer output might be distorted, but does not affect the speech perception. 
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Figure 1 – Results of listening test in pink noise condition. 

 

 

Figure 2 – Results of listening test in urban noise condition. 

 
 

5. CONCLUSIONS 
In this paper, a neural network-based beamformer with dual cost functions is proposed aiming at 

improving the nonlinear distortion of the beamformer output. The cost functions consist of the spatial 
and spectral cost functions for sharpening the main lobe and decreasing the spectral distortion within 
the speech band. The cost functions are alternatively used in the training process with the network 
structure of three and five layers. The feasibilities of the proposed methods are confirmed by 
carrying out a listening test. The proposed three-layered neural network-based beamformer is 
superior to conventional beamformers. Future works include the further investigation of decreasing 
the distortion on the target signal under wide-band noise conditions. 
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Abstract
Visualizing sound fields is important to understand them intuitively. Recently, sound field visualization using a
parallel phase-shifting interferometer (PPSI) has been proposed. This optical method can observe a sound field
instantaneously and quantitatively without placing any object inside the field. Thus, sound fields difficult for
the ordinary instruments to measure can be investigated by PPSI such as the fields inside a small cavity or air
flow. After a measurement, the observed data must be analyzed to obtain meaningful information in terms of
acoustics. However, such analysis has not been studied much as PPSI itself is a newly developed method. In
this paper, we estimate sound intensity from the data captured by PPSI. The number of the observation points
of our PPSI system is up to 262,144, where the interval between the adjacent points is 0.22 mm. Therefore,
sound intensity can be estimated densely at quite a lot of points. The accuracy of estimated sound intensity is
investigated through numerical experiments, and then real data observed by PPSI are analyzed for visualizing
the sound intensity.
Keywords: Sound visualization, optical measurement, least squares method, Polynomial approximation

1 INTRODUCTION
Measurement and visualization of sound fields are important because they lead to intuitive understanding. So
far, various measurement and visualization methods have been proposed. For example, a visualization system of
3D acoustic intensity map using mixed reality technology has been proposed [1]. As another example, in recent
years, optical methods [2, 3] for sound fields visualization using parallel phase-shifting interferometer (PPSI)
have been proposed [4–7]. Since changes in air density due to sound change the refractive index and affect
light, it is possible to obtain sound information by using an optical system. By using an optical method, it
is possible to measure from a distance without causing sound diffraction or reflection due to the installation
of a measuring instrument. In particular, in the case of a small area near a sound source or a sound field,
due to the relatively large effect of installing a measuring instrument, a non-contact optical method is effective.
Another advantage of the optical method is that calibration is not necessary for quantifying sound pressure
if the wavelength of light and atmospheric pressure are known. Furthermore, PPSI measures multiple points
simultaneously and instantly with a high-speed camera. PPSI can measure the phase difference of light changed
by the sound, and the information can be obtained as a movie. The number of the observation points of our
PPSI system is up to 262,144, where the interval between the adjacent points is 0.22 mm, and we can observe
the sound field in a small range densely. Therefore, it is possible to observe time-varying phenomena such
as the sound field of an instrument sound. As an example of visualization of time-varying phenomena, PPSI
was used to simultaneously visualize the flow of air and sound [8, 9], which leads to the understanding of the
generation mechanism of aerodynamic noise. Therefore, visualization of the sound field using PPSI is useful in
various fields as a technology for understanding acoustic phenomena.

∗Current affiliation is NTT Comunication Science Laboratries, Nippon Telegraph and Telephone Corp.
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In order to apply the values measured by PPSI to other studies, it is necessary to make an acoustic interpre-
tation. In addition to visual interpretation of the observed values as they are, other interpretations can be made
by performing signal processing. However, because research by PPSI has recently started, its application using
signal processing has not been widely conducted compared with other acoustic research, and it is a field under
development [10–12]. Therefore, we aimed to acquire information that matches the characteristics of PPSI, the
visualization of sound fields.

Sound intensity, also known as acoustic intensity, is important information of sound that helps the under-
standing of the sound field. The sound intensity represents the power of the sound and its energy flow as a
vector quantity and has information about the direction of the sound. Therefore, even in areas where interpreta-
tion is difficult using sound pressure information alone, sound wave propagation can be further understood, and
it is useful in various fields such as sound source localization, sound source separation, architectural sound, and
so on. In fact, research has been conducted to make an intuitive understanding of the sound field by visualizing
sound intensity, not sound pressure [1]. Also, because the data of PPSI contains abundant spatial information,
it is reasonable to consider the sound intensity that can be estimated using the spatial information.

In this paper, we propose a method to estimate acoustic intensity using polynomial approximation from
acoustic data captured by PPSI. The conventional method uses the first-order difference approximation. On the
other hand, we estimate the intensity using polynomial approximation with second or higher order and using
relatively many observation points. Then, the estimation performance can be expected to be improved by the
increase of order using polynomial approximation and the increase of spatial information with multipoint obser-
vation. We perform numerical simulations to apply the proposed method to an ideal point source sound field
with noise and compare the performance with that of the conventional methods using frequency and number of
observation points as variables.

2 SOUND VISUALIZATION BY PPSI
2.1 Principle of sound visualization by interferometer
Acousto-optic interaction is characterized by the sound changing the refractive index of the medium. The rela-
tionship between the phase of light and refractive index can be written by a geometrical optics approximation:

ϕ(r, t) = k

∫
L(r)

n(l, t)dl, (1)

where ϕ is the phase of light, r is the position vector, t is the time, k is the wave number of the light, L is
the optical path and n is the refractive index. The relationship between the refractive index and density of gas
can be written by the Gladstone–Dale relation [13]:

n − 1
ρ

= const., (2)

where ρ is the density. Assuming that the density change of the medium due to sound is an adiabatic change,
the relationship between density and sound pressure follows

p0 + p

p0
=

(
ρ

ρ0

) 1
γ

, (3)

where p0 is the pressure in static state, p is the sound pressure, ρ0 is the density in static state, and γ is the
specific heat ratio. From Eqs. (2) and (3), the relationship between the refractive index and the sound pressure
follows

n = (n0 − 1)
(

1 + p

p0

) 1
γ

+ 1. (4)
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When p is much smaller than p0, Eq. (4) can be linearized as

n ≃ n0 + n0 − 1
γp0

p. (5)

From Eqs. (1) and (5), except for steady-state terms that do not depend on sound pressure, the relationship
between the phase of light and the sound pressure follows

ϕ(r, t) = k
n0 − 1

γp0

∫
L(r)

p(l, t)dl. (6)

Therefore, the sound pressure can be obtained by observing the phase of light.

2.2 PPSI
Interferometry is a method of measuring the phase difference using light interference, and one of them is
phase-shifting interferometry that acquires multiple phase-shifted interferograms [14]. In particular, as a spatial
phase-shifting method, PPSI that can acquire multiple images in one shot has been proposed. The schematic
diagram of a PPSI system is shown in Fig. 1. The laser emits monochromatic light, which is split by the
Wollaston prism into two orthogonal linear polarizations. Then, the lights are divided by the beam splitter into
reference light and object light. The reference light is reflected by the reference surface of the optical flat.
The object light passes through the reference surface and through the measurement area. It is reflected by the
refractive surface, passes again through the measurement area. The two polarizations are combined and reflected
by the beam splitter. Then, the high-speed camera observes light whose polarization state has been changed as
interference fringes.

reflective 
surface

reference
surface

test section

quarter wave plate

spatial filter

high-speed polarization camera

beam splitter

Wollaston prism

laser

：lens

Figure 1. The schematic diagram of PPSI system.

3 CONVENTIONAL METHOD
Intensity is defined as the time average of the product of pressure and particle velocity:

I(t) = ⟨p(t)u(t)⟩t, (7)

where ⟨·⟩t is time average. Intensity is originally a complex value, but the active intensity is generally used as
sound intensity. Therefore, only the activity intensity is considered.

3.1 p-p method
In the general case, particle velocity is determined using two or more pressures, not directly measured. Such a
method is called p-p method [15]. This method uses a finite-difference approximation of the pressure gradient
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to determine the particle velocity. Then, the particle velocity in the time domain follows

u(t) = −1
ρ

∫ t

−∞

p2(τ) − p1(τ)
∆r

dτ, (8)

where p1 and p2 are the sound pressure from the two observation points and ∆r is the distance with the two
points. The average of the pressure between two observation points is used for pressure:

p(t) = p1(t) + p2(t)
2

. (9)

Therefore, the intensity is determined as

I(t) = −p1(t) + p2(t)
2

∫ t

−∞

p2(τ) − p1(τ)
ρ∆r

dτ. (10)

While Eq. (10) is in the time domain, the equation in the frequency domain follows

I(ω) = − 1
ρω∆r

Im[F1(ω)F2(ω)], (11)

where ω is the angular frequency, Im[·] is the imaginary part, F1(f) and F2(f) are the Fourier transforms
of the pressures p1(t) and p2(t), and over-line indicates complex conjugate. Then, this equation integrated in
frequency bands f1 to f2 follows

I(f1, f2) = − 1
2πρ∆r

∫ f2

f1

Im[F1(f)F2(f)]
f

df. (12)

The method of calculating intensity using this equation is called the cross-spectral method and is equivalent to
the intensity calculated using equation Eq. (10) when integrated over the frequency band of the observed sound
field. In general, not only in the case of two observation points, Eq. (11) can be represented as

I(ω) = − 1
ρω

Im[pc∇p], (13)

where pc is the sound pressure at the center of observation points, and ∇p is the sound pressure gradient.

3.2 PAGE method
Recently, Thomas et al. proposed a new intensity estimation method and named the phase and amplitude gradi-
ent estimation (PAGE) method [16, 17]. This method is based on the work of Mann et al. [18] that determined
the intensity as

I(ω) = 1
ρω

P 2
c ∇ϕ, (14)

where Pc is the amplitude of pc.

4 PROPODED METHOD
The conventional methods, both the p-p method and PAGE method, use difference approximation using a first-
order polynomial in Eqs. (13) and (14) to estimate the gradients. We extend them to higher order polynomial
approximation. The N th-order polynomial model at position vector r = [x, y] follows

h(x, y) =
N∑

n=0

N−n∑
m=0

cm,nxmyn, (15)
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where c is a coefficient. Then, polynomial approximation can be obtained by solving the least squares problem
for the observed data g as

arg min
h(x,y)

1
2

K∑
k=0

|gk − h(xk, yk)|2, (16)

where K is the number of observation points.
This method can extend both Eqs. (13) and (14) by substituting pressure or phase for g in Eq. (16). The

extension of Eq. (13) is written as

I(ω) = j

ρω
p0∇hp(x, y), (17)

where hp(x, y) is h(x, y) when g = p. Also, the extended Eq. (14) is written as

I(ω) = j

ρω
p0∇hϕ(x, y), (18)

where hϕ(x, y) is h(x, y) when g = ϕ.

5 EXPERIMENTS
The performance of the proposed method was evaluated by numerical experiments. Intensity estimation accuracy
is compared for angle and magnitude with different methods and frequencies. We used observation points in the
square region. The target sound field is the ideal point source sound field with a noise of 10 dB. The frequency
was varied from 2 kHz to 22 kHz at 4 kHz intervals, and the sampling frequency was 44.1 kHz. The incident
angle was 45 degrees to the estimated point, and the distance from the sound source was 31.11 mm (equivalent
to 100 adjacent point intervals). We used two values to evaluate the accuracy of the methods: the error in the
angle

θerror = arccos Î · I

|Î||I|
, (19)

and the error of magnitude

|I|%error = 100 ||Î| − |I||
|I|

, (20)

where the hat is used to represent estimated value.

5.1 Comparison of conventional method and proposed method
Figure 2 shows the experimental results of comparison by the methods with Eq. (13). The cross spectrum
method and the proposed method with 3×3 channel result in almost the same for both angle error and estimate
error. On the other hand, the proposed method with 25 × 25 channel results in less error than them, regardless
of frequency, the angle error is less than 3 degree, the estimate error is less than 0.07%

Figure 3 shows the experimental results of comparison by the methods with Eq. (14). The proposed method
with 25 × 25 channel results in almost less than the other methods. however, the errors at 18 kHz are high.

5.2 Comparison by frequency with proposed method
Figure 4 shows the experimental results of comparison by the frequency with the proposed method. Regardless
of frequency, the performance of the proposed method using Eq. (13) increases as the number of observation
points used for polynomial approximation increases. In the case of 6 kHz and 18 kHz sound field, the estimated
error and the squared error of the proposed method using Eq. (14) are large than that in other cases. Therefore,
it was found that the estimated value might be worse depending on the frequency band.
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Figure 2. The intensity estimation error of the methods using the pressure gradient as a function of frequency.

Figure 3. The intensity estimation error of the methods using the phase gradient as a function of frequency.

Figure 4. The intensity estimation error with the proposed method as functions of frequency and the number
of channels. The left figure shows the results with Eq. (13). The center figure shows the results with Eq. (14)
and the right figure shows the squared errors at that time.
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5.3 Applying proposed method to real date
We apply the proposed method with Eq. (13) to estimate the intensity of the sound field of the flute. The
measuring area is 352 mm × 563 mm and Fig. 5 shows comparing the results of proposed, cross spectrum
and PAGE method. Only the intensity vector in (b) of Fig. 5 shows sound propagation from the lower left
sound source. Therefore, the estimation performance of the proposed method is better than that of conventional
methods. However, some vectors in (b) Fig. 5 point in the opposite direction to the surrounding vector. One of
the causes is that the observation data is too noisy.
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Figure 5. Reference image (a) of experiment and intensity of sound field of the flute with proposed (b), cross
spectrum (c) and PAGE method (d).

6 CONCLUSIONS
In this paper, we proposed a method using a polynomial approximation to estimate sound intensity from phase
data obtained from PPSI. The proposed method is an extension of the conventional method and can be applied
to both Eqs. (13) and (14). By increasing the number of observation points used for the approximation, we
confirmed that the proposed method is effective for noisy fields. In the case of estimation using phase informa-
tion of sound, it has been found that the estimated value becomes worse depending on the frequency band. In
future research, in addition to the relationship with the frequency band, it is necessary to consider the difference
in performance depending on the shape of the observation range and the number of observation points.
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Abstract
A transaural system based on a crosstalk canceller is effective for virtual acoustic imaging when two loud-

speakers are arranged in front of the listener. However, when the two loudspeakers are arranged off-center from
the listener, the crosstalk canceling performance at high frequencies drastically declines, particularly in a stereo
dipole system. This occurs because, when both loudspeakers are located on the left side of the listener, the
sound pressure level in the left ear is higher than that in the right ear. In this study, we first investigate the
relationship between the cross-talk level and sound localization accuracy for off-center positioned stereo dipole
systems. We then introduce two directivity beamformers based on a matched filter using a circular loudspeaker
array to reproduce equal sound pressure levels in both ears. Herein, we consider two beams from the array to
the listener’s left and right ears as being equal to the left and right channel loudspeakers in the stereo dipole.
To confirm the performance of the proposed method, we compared the off-center stereo dipole system and the
proposed method through computer simulations. The proposed method was shown to improve the difference in
sound pressure level between the left and right ears, particularly at high frequencies.
Keywords: Transaural System, Beamforming, Off-center Position

1 INTRODUCTION
A transaural system provides the listener with virtual acoustic images by matching the listener’s ear signals

and the signals of an auditory environment [1] [2]. This system typically uses two loudspeakers and a cross-
talk canceller. A stereo dipole system, which uses two closely spaced loudspeakers, is known to be a robust
approach for head rotations and slight movements [3]. An actual transaural system including a stereo dipole is
effective when two loudspeakers are arranged in front of the listener; however, when loudspeakers are arranged
in an off-center position from the listener, the performance of the sound localization decreases significantly
[2]. In this study, we aim to investigate the cause of a performance degradation and propose a method that is
effective even when loudspeakers are arranged in an off-center position.

First, we investigated the effects of the loudspeaker’s position on the sound localization using a stereo dipole
system through subjective experiments. We then introduced the beamforming of a circular loudspeaker array
before applying a transaural system instead of two loudspeakers in a stereo dipole system to solve the problem
found in the previous experiment. Finally, we confirmed the performance after applying beamforming and a
transaural system through computer simulations.

2 TRANSAURAL SYSTEM AND STEREO DIPOLE
A transaural system enables the listener to perceive virtual acoustic images. Fig. 1 shows the configura-

tion of a typical transaural system. In this figure, S(ω) is a source signal in the original sound field; Gl(ω)
is a head-related transfer function (HRTF) from the source signal in the original sound field to the left ear;
Pl(ω) and Pr(ω) are the listener’s ear signals in the original sound field; Xl(ω) and Xr(ω) are the driving sig-
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nals input into the loudspeakers in the reproduction field; Wrr(ω),Wrl(ω),Wlr(ω), and Wll(ω) are the cross-talk
canceller filters; Gll(ω) denotes the HRTF from the left speaker to the listeners left ear; P̂l(ω) and P̂r(ω) are
the listener’s ear signals in the reproduction field; and ω is the angular frequency. A transaural system usually
applied widely spaced loudspeakers, typically spanning an angle of 60◦, as seen by the listener. However, in the
case of a stereo dipole, the two loudspeakers are set close together such that their span is only 10◦. A stereo
dipole is extremely robust with head movements without introducing any excessive artifacts [3]. The filters used
in the transaural system are calculated using the method described below. For the case of two loudspeakers, the
sound pressures P̂l(ω) and P̂r(ω) on the left and right ears in a reproducing system can be described using the
following matrix forms:

P̂ =

(
P̂l(ω)
P̂r(ω)

)
=

(
Gll(ω) Grl(ω)
Glr(ω) Grr(ω)

)(
Xl(ω)
Xr(ω)

)
= G(ω)X(ω), (1)

where

G(ω) =

(
Gll(ω) Grl(ω)
Glr(ω) Grr(ω)

)
,X(ω) =

(
Xl(ω)
Xr(ω)

)
.

Because the filter matrix W(ω) needs to satisfy P̂l = Pl and P̂r = Pr, W(ω) is the inverse of the transfer function
matrix of G(ω).

W(ω) =

(
Wll(ω) Wrl(ω)
Wlr(ω) Wrr(ω)

)
=

1
Gll(ω)Grr(ω)−Grl(ω)Glr(ω)

(
Grr(ω) −Grl(ω)
−Glr(ω) Gll(ω)

)
(2)

Because the inverse matrix of G(ω) is often unstable, the inverse matrix is calculated using the least squares
method in our study.

𝑆(𝜔) 𝐺r 𝜔

𝐺l 𝜔

R

L

𝐺rr 𝜔
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Figure 1. Configuration of transaural system

3 INVESTIGATION OF LOUDSPEAKERS PLACEMENT FOR STEREO DIPOLE
To investigate the effects of the loudspeaker arrangement on the performance of sound localization in a stereo

dipole, we conducted a subjective experiment undertaken in an usual room with a reverberation time of 0.10
ms. We then compared the results of a subjective test with the cross-talk levels.

3.1 Procedure of subjective localization experiment
Fig. 2 shows the arrangement of the subjective localization experiment. The subjects sat in front of 18

loudspeakers. Nine stereo dipole systems were each prepared using two adjacent sets of loudspeakers (sets 1–9)
with ten loudspeakers on the left as viewed from the listener. These two loudspeakers were 0.7 m from the
subject’s head, and they spanned 8◦ as seen by the listener, similar to that of a usual stereo dipole. Nine differ-
ent subjects took part in the experiments. The virtual source direction was set to 36◦ and 68◦ (the directions of
the 14th and 18th loudspeakers) to the front-right of the subject. In addition to the virtual source reproduction,
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we presented a normal white noise band-passed at 0.8-3 and 0.2-16 kHz from the 14th and 18th loudspeak-
ers as references, respectively. The subjects selected their perceived sound direction among the 18 loudspeaker
positions. The responses were limited to the horizontal plane at angle locations marked on the 18 loudspeakers.

Band-limited white noises band-passed at 0.8-3 and 0.2-16 kHz were used as the source signals. The fre-
quency band was chosen to include frequencies that humans predominantly localize based on an interaural time
difference (ITD) of below approximately 1.6 kHz and an interaural level difference (ILD) of above approxi-
mately 1.6 kHz)[4]. The latter band was chosen to include all frequencies sufficient for music listening. The
length of the white noise was 3 s, which is sufficient for the listener to recognize the perceived direction [4].

The cross-talk canceling filters were calculated using the measured head-related impulse response (HRIR),
which was applied in the same room using a sampling frequency of 48 kHz. Fig. 3 shows the conditions used
in the HRIR measurements. We measured all HRIRs using a NEUMANN KU100 dummy head.

1 st

9 th

3 rd

2 nd

18 th

10 th

0.7 m

0.1 m

set 1

set 2

set 3

set 9set 8

14 th

36°

8°

68°

4 th

5 th
6 th

7 th 8 th
set 4

set 5
set 6

set 7

Figure 2. Arrangement of the subjective experiments

Figure 3. Measurement of HRIR for cross-talk cancellation filters

3.2 Results
Fig. 4 shows the averaged perceived direction of the subject’s responses when we presented the virtual source

to the listener by applying a stereo dipole with two loudspeakers among sets 1–9. The horizontal axis is the
set number of loudspeakers used, and the vertical axis is the average number of answered loudspeakers. For
example, when the set number of loudspeakers was 6, the transaural system used two loudspeakers placed at
the 6th and 7th positions. In addition, REF indicates the results of the reference condition. The gray lines in
Fig. 4 denote the position of the loudspeaker, which is the correct direction of the virtual source. Fig. 4 (a)
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shows the results of the virtual source direction of 36◦, and Fig. 4 (b) shows the results of the virtual source
direction of 68◦. In these figures, we can see that the sound localization performance at a narrow band (0.8-3
kHz) was better than the nearly full band (0.2-16 kHz) at the off-center positioned stereo dipole. Moreover, if
the stereo dipole is set on the left side of the listener, it becomes difficult to perceive the sound image on the
right side when the angle between the actual loudspeakers and the virtual source is too wide. For set number 6
in Fig. 4 (a), the value at 0.8-3 kHz is close to the desired value, whereas the value at 0.2-16 kHz is not. This
may be due to the high level of original crosstalk at high frequencies before applying the transaural system.

Fig. 5 shows the HRTF of both ears before applying the transaural system. Fig. 5 (a) denotes the HRTF
from the right channel loudspeaker of set 9, and (b) indicates the HRTF from the right channel loudspeaker
of set 6. Comparing (a) and (b), the amount of original crosstalk is increased in (b), particularly at high
frequencies. An increase in the amount of crosstalk before applying the taransaural system may affect the
results after the system is applied. This is because, if the amount of crosstalk increases, the denominator of Eq.
(2) GllGrr−GrlGlr decreases, and the cross-talk cancelation filters become unstable. Fig. 6 shows the computer
simulations of both ear signals after applying the transaural system at 0.2-16 kHz when using loudspeakers of
(a) set 9 (center-positioned stereo dipole) and (b) set 6 (off-center-positioned stereo dipole). According to the
simulation results, it was confirmed that, when two loudspeakers are arranged off-center from the listener (Fig. 6
(b)), the amount of crosstalk suppression after applying the transaural system is degenerated at high frequencies.
This corresponds to the increase in the amount of the original crosstalk at high frequencies, as shown in Fig.
5 (b). As these results indicate, it is necessary to reduce the amount of crosstalk before applying the transaural
system to achieve a sufficient performance within the full frequency band using off-center arranged loudspeakers,
as with set 6.
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Figure 4. Results of subject responses for the virtual source localization tests. The virtual source was applied
in the directions of (a)36◦ (14 ch) and (b) 68◦ (18 ch).
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(a) (b)

Figure 5. The HRTF from the right channel loudspeaker of (a) set 9 and (b) set 6 for both ears before applying
the transaural system. The bold lines indicate the right ear signals, and the dashed lines indicate the left ear
signals (cross-talk signals).

(a) (b)

Figure 6. The computer simulations of both ear signals after applying the transaural system at 0.2-16 kHz
when using loudspeakers of (a) set 9 (center-positioned stereo dipole) and (b) set 6 (off-center-positioned stereo
dipole).

4 TRANSAURAL SYSTEM WITH BEAMFORMING
In the previous section, we found that it is necessary to reduce the original crosstalk before applying the

transaural system for a sufficient sound localization performance. To reduce the original crosstalk and reproduce
equal sound pressure levels in both ears for the off-center system, we introduce a method that forms two
directivity beams using a circular loudspeaker array [5][6]. Here, we consider two beams from the array to
the listener’s left and right ears instead of the left- and right-channel loudspeakers in the stereo dipole. In
this section, we consider the case in which the circular loudspeaker array is placed at the positions of sets 9
(center-positioned) and 6 (off-center-positioned) shown in Fig. 2.

4.1 Beamforming Using Matched Filtering
The matched filtering beamformer compensates the delay of the transfer functions between the loudspeakers

and the focal point. Therefore, the filter is calculated as a complex conjugate of the transfer functions by
dividing their absolute value [7][8]. The matched filter q(ω) is calculated as follows:
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q =

[
G1(ω)∗

|G1(ω)|
,

G2(ω)∗

|G2(ω)|
, · · · , GN(ω)∗

|GN(ω)|

]T

, (3)

where Gn(ω) denotes the transfer function from the nth loudspeaker in the array to the focal point, and G∗n(ω)
is the complex conjugate of Gn(ω). In addition, N is the number of loudspeakers in the array. This beamformer
has the advantage of being easily combined with other systems because its white noise gain is constant [9].

4.2 Computer Simulations of the Ear Signals after Applying the Beamforming
We simulated the ear signals after applying a matched filtering beamformer to confirm the crosstalk level

differences between the left and right ears. In this simulation, we used a circular array of 15 loudspeakers, and
the matched filter was calculated at 0.2-16 kHz using the measured HRIR from each loudspeaker to both ears
in the same room. Both ear signals G(ω) were calculated through the following formula.

G =

(
Gll(ω) Grl(ω)
Glr(ω) Grr(ω)

)
=

(
G1l(ω) G2l(ω) · · · GNl(ω)
G1r(ω) G2r(ω) · · · GNr(ω)

)
q1l(ω) q1r(ω)
q2l(ω) q2r(ω)

...
...

qNl(ω) qNr(ω)

 (4)

where Gnl(ω) denotes the measured transfer function from the loudspeaker n in the array to the left ear, and
qnl(ω) is the matched filter focused on the left ear. Fig. 7 shows the array arrangement of this simulation. The
simulation described herein was conducted using two configurations, with the loudspeaker array in front of the
listener (same position as set 9 in Fig. 2) and off-center (same position as set 6). Fig. 8 shows the frequency
response of both ear signals after applying the beamforming. Fig. 8 (a) denotes the case of the loudspeaker
array arranged in the front, and Fig. 8 (b) denotes the case of the off-center arrangement. Compared with Fig.
5, the amount of crosstalk decreased in both arrangements (a) and (b) owing to the beamforming. Even for the
arrangement of (b), the same level of sound pressure was observed in the left and right ears at high frequencies.
With this method, the level difference at low frequencies is not improved because the wavelength is larger than
the distance between the left and right ears, although this is not too important because sound localization is
possible at low frequencies (0.8-3 kHz) even in an off-center loudspeaker arrangement without beamforming, as
shown in Fig. 4 (a).

Figure 7. Arrangement of circular loudspeaker array in the computer simulations
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(a) (b)

Figure 8. Computer simulations of both ear signals after applying beamforming using a loudspeaker array
arranged in the positions of (a) set 9 (center-positioned) and (b) set 6 (off-center positioned).

4.3 Computer Simulations of Ear Signals After Applying the Beamforming and Transaural System
Finally, we simulated both ear signals after applying the beamforming and transaural system. Fig. 9 (a)

shows the ear signals in the case of a center arrangement, and Fig. 9 (b) shows the signals for an off-center
arrangement. The figures indicate that the amount of cross-talk is sufficiently suppressed in both (a) and (b), as
compared with Fig. 6, particularly at high frequencies. Hence, it is expected that sound localization in the full
frequency band is realized using this method.

(a) (b)

Figure 9. Computer simulations of both ear signals after applying beamforming and the transaural system at
loudspeaker array positions of (a) set 9 (center-positioned) and (b) set 6 (off-center positioned).

5 CONCLUSIONS
We confirmed through a subjective experiment that a stereo dipole system using an off-center loudspeaker

arrangement does not achieve a sufficient performance for sound localization, particularly at high frequencies.
This is thought to be due to an increase in the amount of original crosstalk at high frequencies before applying
the transaural system. Therefore, we introduced a method that forms directivity beams using a circular loud-
speaker array to reduce the cross-talk before applying the transaural system. As a result, the amount of original
crosstalk at high frequencies was reduced using beamforming. Moreover, the amount of crosstalk after applying
a cross-talk cancelation filter was suppressed. Our future investigation will be to examine the performance of
this method through a subjective experiment in a room with typical reverberation.
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Abstract
In this paper, the subjective evaluation of the HRTFs reconstructed with the SPCA were mentioned. As a
result, it was found that the reconstruction of the HRTFs with subjectively inaudible difference from the original
ones are possible with smaller number of PCs than those Takane dicussed in his paper[8]. This brings about a
expection that the spatial variation of HRTFs can be represented more compactly. Throught the 3AFC hearing
experiment, it is found that the domain C and L have the relatively small number of conditions with significantly
large number of correct answers. Especially, there were no subjects having significantly large number of correct
answers when the number of PCs is 6 in the domain C.

Keywords: Subjective evaluation, Head-Related Transfer Function, Principal Component Analysis, Do-
main

1 INTRODUCTION
Principal Component Analysis (PCA) is well-known as one of effective methods for compact representation of

data, and it is also applicable to a set of Head-Related Transfer Functions (HRTFs) obtained for various sub-

jects in various sound source positions. Maybe the first research in which the PCA is applied to the HRTFs is

Martens’ one [1], and then Kistler et al. analyzed the properties when the PCA is applied to the HRTFs via

computation and subjective experiment[2]. On the other hand, Chen et al.[3] and Wu et al.[4] called such anal-

ysis as “spatial feature extraction method,” and their research purpose was to numerically analyze the HRTFs

via the PCA and to effectively reconstruct the HRTFs using relatively small number of eigenvectors. The proce-

dures of analyses in these researches were almost the same. In such kind of methods, the spatial variation and

inter-subject difference of HRTFs are modeled by using small number of principal components or eigenvectors.

In this paper, this method is called the Spatial PCA (SPCA) of the HRTFs/HRIRs, as Xie did[5].

Although the researches on the compact representation of HRTFs based on their SPCA exist as mentioned

above, there are some differences in which domain was used for the SPCA of HRTFs among these studies.

Kistler et al. used the logarithm of the HRTF amplitude[2], and Xie used the linear amplitude of the HRTF[5].

In these two studies, the HRTFs were assumed to have only minimum-phase component and the phase com-

ponent were reconstructed by using the Hilbert transform[6]. Chen et al. used the complex-valued frequency

spectrum of the HRTFs[3], and Wu et al. used the Head-Related Impulse Responses (HRIRs)[4], the inverse

Fourier Transform of the corresponding HRTFs. Additionally, Takane proposed a new domain for the SPCA

of HRTFs, complex logarithm of the HRTFs[9]. No minimum-phase approximation was required in these stud-

ies. The SPCA procedure can be successively and commonly adopted with the use of each parameter, and

the modelling accuracy of the HRTFs was regarded sufficient in both objective and subjective viewpoints in all

of these studies, with linear combination of relatively small number of principal components. However, it is

known that difference in the modelling accuracy by choosing each of the four domains. Liang et al. compared

the modelling accuracy between the linear and the logarithmic magnitude of the HRTFs in the horizontal plane,

assuming that the minimum phase approximation was satisfactory[7]. Takane compared the reconstruction ac-
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curacy of the HRTFs among the results of the SPCA with each of the four domains[8]. When the accuracy

was compared in the same number of principal components, both researches reached the same conclusion that

the SPCA of HRTFs in the domain of linear amplitudes of the HRTFs has the relatively better accuracy than

that using the corresponding logarithmic ampitude under the assumption that the minimum phase approximation

is accepted. Takane also concluded, in the case that the minimum phase approximation is not accepted, that

the SPCA using the complex frequency spectrum of the HRTFs brings about better accuracy. In other words,

the more compact representation of the spatial variation of the HRTFs is possible with their SPCA using the

complex frequency spectrum of the HRTFs. Takane also mentioned that the accuracy in frequency domain,

observed from the Spectral Distortion (SD) between the reconstructed and the original HRTFs, is exceptionally

small when the logarithmic amplitude was chosen as the domain of the SPCA of HRTFs[8]. This property has

a potential that the HRTFs are reconstructed by using the relatively small number of principal components when

only the accuracy in frequency domain is focused.

Takane’s discussion in his paper[8] was, however, based on the objective properties and its correspondence to

the subjective evaluation is not clear. While the subjective evaluation of the reconstructed HRTFs using the

SPCA was executed in some researches[2, 5, 10, 11], none of them did not compare the reconstruction results

of the SPCA in multiple domains. Therefore, the subjective evaluation of the reconstructed HRTFs was carried

out, and the correspondence between the results of the objective[8] and the subjective evaluations is to be

discussed.

2 SPCA OF HRTFs IN MULTIPLE DOMAINS
For details of the procedures for the SPCA of HRTFs, please refer to the other researches (for example, [8, 9]).

As Takane’s previous research[8], the domain for the SPCA of HRTFs is expressed as a symbol as listed in

Table 1.

Table 1. Correspondence between domains and symbols.

Domain Symbol

HRIR I

HRTF C

Amplitude of HRTF F

Real log-amplitude of HRTF L

A database of HRIRs of KEMAR HATS (Head And Torso Simulator) presented by Media lab. of MIT[12] was

used. This database involves 710 pairs of HRIRs (total: 1420) with sampling frequency of 44.1 kHz. For the

subjective evaluation concerning the SPCA of HRTFs, various researchers used various set of HRTFs. Kistler

et al. used the HRTFs of 10 subjects measured in 265 sound source directions per a subject, and the SPCA

was carried out in the domain L[2]. Xie used those of 52 subjects, 493 directions, and the SPCA was in the

domain F[5]. Matsui et al. used those of 108 subjects, 793 directions, and their SPCA was done in the domain

L. Fink et al. used those of 34 subjects, 50 directions (in horizontal plane), and their SPCA was done in the

domain I[11]. Generally the PCA using large amount of data brings about the PCs to reconstruct the data

well, but we selected the HRTF database of a single HATS since we placed great importance on consistency

between this and Takane’s previous studies[8], and comparison among the results of the subjective evaluation of

the reconstructed HRTFs with the SPCA of HRTFs in multiple domains.

2.1 Conditions of analysis
The initial delay in each response was extracted, then 256 sample points were taken as the data for the analysis,

windowing with latter half of 512-points Blackman-Harris window function adjusting its peak at that of the

HRIR. The SPCA was executed by constructing the covariance matrices from HRIRs (called as domain I),
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HRTFs (domain C), amplitude of HRTFs (domain F), log-amplitude of HRTFs (domain L). The HRTFs/HRIRs

in all directions (710 directions×2 ears) were used, and the average vector and the covariance matrix were

calculated in each domain.

2.2 Cumulative Proportion of Variance (CPV)
When the PCA is utilized for some data, the cumulative proportion of variance R2(K ), defined as follows, is

used for the reference indicating how much variance in data is covered by using the first K principal compo-

nents.

R2(K ) =

K∑

k=1

λk

N∑

k=1

λk

, (1)
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Fig. 1. Change in cumulative proportion of variance

(CPV) with number of component in PCA.

where λk denotes k-th eigenvalue of the covariance

matrix. Change of the cumulative proportion of vari-

ance in each domain is plotted in Fig. 1. It is found

out from this figure that the CPV is monotonically in-

creased and converges to 1.0 as the number of compo-

nents is increased in all domain. Among four domains,

the domain C has the fastest increase as the number

of PCs increases. This indicates that the the smallest

number of principal components can cover a certain

proportion of variance in the domain C.

The previous studies had various reference values in

the proportion of variance, more than which the corre-

sponding principal components are omitted. Kistler et
al. set this value to 0.90[2], Chen et al. and Wu et
al. set this value to 0.999[3, 4], and Xie set this to

around 0.98[5]. Since the amount of data and analyz-

ing purposes are different among these studies, direct

comparison among these values is impossible. How-

ever, it can be said that the value more than 0.9 is set

in these studies. After these studies, the least numbers

of component to cover four values of the CPV, 0.90, 0.95, 0.99 and 0.999 are indicated in Table 2.

Table 2. The least number of component to cover the cumulative proportion of variance in each case.

Case
Variance

0.90 0.95 0.99 0.999

I 8 10 20 39

C 4 6 11 20

F 5 7 14 31

L 6 11 32 78

3 SUBJECTIVE EVALUATION OF RECONSTRUCTED HRTFs
In order to subjectively evaluate the reconstructed HRTFs with the SPCA of HRTFs in multiple domains, a

hearing experiment was carried out.
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3.1 Conditions
As for the SPCA of HRTFs, the HRTF database presented by MIT was used, and the properties of the SPCA

is as mentioned in the previous section. In order to determine the numbers of PCs for the reconstruction in

four domains, we executed an preliminary experiment using five male subjects with normal hearing acuity. The

procedures were the same as those mentioned after this subsection, the numbers of PCs for the reconstruction

were determined. For each domain, the stimuli made from the reconstructed HRTFs with the smallest and

the largest number of PCs had respectively the obviously and hardly audible difference from the corresponding

original ones for the subjects. Including an intermediate value between them, totally three numbers of PCs were

set in each domain. The preliminary experiment was required for decreasing the number of conditions in the

experiment. The determined numbers of the PCs are depicted in Table 3.

Table 3. Numbers of PCs adopted for the experi-

ment for each domain.

Domain Numbers of PCs

I 4, 7, 10

C 2, 4, 6

F 1, 4, 6

L 1, 3, 6

Table 4. Azimuths and elevations evaluated in the

experiment.

Elevation [◦] Azimuth [◦]

0 0∼315 (45◦ inverval)

30 0∼300 (60◦ interval)

60 0∼240, (120◦ interval)

90 0

90270

180

0

0

90

−40Elevation

Azimuth

Fig. 2. Definition of azimuth and eleva-

tion.

Number of evaluated sound source directions was decreased, and the

result is shown in Table 4. Definition of azimuth and elevation is

illustrated in Fig. 2. 18 directions of HRTFs were used for each do-

main, totally 216 (18 × 3 × 4) pairs of the reconstructed and original

HRTFs were subjectively evaluated.

Participated subjects were four young males (aged 21-22) with nor-

mal hearing acuity. They are denoted as Subject 1, 2, 3 and 4, re-

spectively.

3.2 Procedures
In the experiment, 3AFC (3 Alternative Forced Choice) was adopted.

Time pattern of the stimuli is illustrated in Fig. 3. “Original” indi-

cates the white noise filtered with the original HRTFs in a certain

direction, and “reconstructed” indicates the one filtered with the reconstructed HRTF for the right ear and the

original HRTF for the left ear. This means that the reconstructed HRTFs were used only for the right ear and

the those for the left ear were always the original. The reason for this treatment is to avoid multiple factors

affecting the audible difference between the original and the reconstructed HRTFs when the HRTFs for both

ears are changed to the reconstructed ones. The stimuli were presented binaurally from the audio interface

(RME Fireface UCX) via headphone (Sony MDR-MD900) with the inverse of the headphone transfer functions

designed and filtered for each subject.

Subjects were asked to answer which one is audibly different from the other two out of the stimulus A∼C.

In the case of Fig. 3, the answer is correct if a subject answers B. The order of a “reconstructed” and two

“original” stimuli was set random so that the “reconstructed” stimulus appears at A∼C in equal numbers. The

stimuli involving the reconstructed HRTFs with a certain number of PCs in a certain direction were presented

12 times, so the total number of judgments per a subject was 12 × 216 = 2592, taking about 4 hours. All

subjects carried out the tasks in around 8 hours having the appropriate number of rests.

The above-mentioned procedures are adopted after Minnaar et al., who investigated their HRTF interpolation

method via hearing experiment[13]. The main reason is that the utilized set of HRTFs is acquired for a KE-

MAR HATS, and it differs from the HRTFs of every subject participated in the experiment. In that case, sound
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localization experiment conducted in Kistler’s group[2] cannot be done because non-individual HRTFs bring

about some localization error such as front-back confusion[14]. Therefore we decided to focus on the perceptual

difference between the original and the reconstructed HRTFs. The procedures in this study is also similar as one

of the experiments done in Xie’s research[5]. He used the same set of stimuli as ours (Fig. 3), but he asked his

subjects to answer which of B and C perceives the same as A. Thus the subject’s answer in his experiment was

a 2AFC.

time

OriginalOriginal Reconst−
ructed

0.8 s 0.8 s 0.8 s

0.7 s 0.7 s

response

1.5 s

interval

A CB

Fig. 3. Example time pattern of a combination of

three stimuli presented in the experiment. A combi-

nation consists of two white noises filtered with the

original HRTFs (illustrated in red rectangles) and a

white noise filtered with the reconstructed HRTF for

the right ear and the original for the left ear (illus-

trated in blue). The order of a blue and red stimuli

was random.

3.3 Results
The numbers of correct answers are listed in each do-

main for all subjects. The results are shown in Ta-

ble 5∼Table 8. Since each subject answered for 3AFC

tasks in each cell in these tables, χ2 test with chance

level equal to 1/3 may be applied. However, number

of testing was numerous per a subject (= 216), hence

the Benjamini-Hochberg procedure[15] was applied to

the obtained p-values from the cells in those tables. In

this procedure, the false discovery rate was set to 0.15.

As a result, number of correct answers is regarded as

significantly large when its value is equal to and more

than 10 for all directions and subjects.

Table 5. Numbers of correct answers obtained for the reconstructed HRTFs in various domains (Subject 1).

The values with significantly large number of correct answers according to the Benjamini-Hochberg procedure

(false discovery rate = 0.15) are indicated with bold font.

(a) Domain I

Elev. [◦] 0 30 60 90

Azim. [◦] 0 45 90 135 180 225 270 315 0 60 120 180 240 300 0 120 240 0

4 8 6 5 4 9 8 11 9 2 8 6 5 5 5 6 5 6 4

PCs 7 8 5 2 3 5 5 11 4 3 4 5 7 6 4 6 5 3 2

10 3 3 4 2 10 7 6 4 5 4 5 7 3 5 2 3 5 3

(b) Domain C

Elev. [◦] 0 30 60 90

Azim. [◦] 0 45 90 135 180 225 270 315 0 60 120 180 240 300 0 120 240 0

2 7 3 3 3 7 6 8 7 7 2 5 9 4 6 7 2 5 9

PCs 4 8 2 4 5 6 2 5 4 7 3 9 5 5 6 3 6 4 5

6 5 5 3 4 5 5 6 6 5 2 5 5 0 3 4 6 3 4

(c) Domain F

Elev. [◦] 0 30 60 90

Azim. [◦] 0 45 90 135 180 225 270 315 0 60 120 180 240 300 0 120 240 0

1 6 5 5 3 6 8 5 6 2 4 5 9 9 6 6 3 6 3

PCs 4 3 9 5 3 7 6 2 5 3 6 4 2 6 6 2 1 6 4

6 3 3 2 3 4 6 5 4 4 6 3 3 6 5 3 4 4 6

(d) Domain L

Elev. [◦] 0 30 60 90

Azim. [◦] 0 45 90 135 180 225 270 315 0 60 120 180 240 300 0 120 240 0

1 6 5 7 7 2 7 4 6 5 7 2 2 4 3 4 3 3 3

PCs 3 6 5 2 6 2 4 7 5 5 6 1 3 2 3 2 3 6 3

6 7 7 3 4 5 5 4 6 2 5 4 2 5 1 4 5 1 3
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Table 6. Numbers of correct answers obtained for the reconstructed HRTFs in various domains (Subject 2).

The values with significantly large number of correct answers according to the Benjamini-Hochberg procedure

(false discovery rate = 0.15) are indicated with bold font.

(a) Domain I

Elev. [◦] 0 30 60 90

Azim. [◦] 0 45 90 135 180 225 270 315 0 60 120 180 240 300 0 120 240 0

4 10 4 3 6 7 7 10 8 4 8 6 3 4 9 4 6 6 3

PCs 7 11 6 4 2 6 4 10 11 5 4 5 5 3 9 4 6 5 5

10 7 6 3 5 7 5 5 3 3 5 5 2 5 4 5 7 3 5

(b) Domain C

Elev. [◦] 0 30 60 90

Azim. [◦] 0 45 90 135 180 225 270 315 0 60 120 180 240 300 0 120 240 0

2 11 5 6 4 7 6 9 5 4 6 7 8 5 7 7 5 3 10
PCs 4 10 3 4 6 5 5 5 9 4 3 7 7 3 8 1 5 5 4

6 8 8 6 8 4 4 5 8 5 4 5 4 4 7 4 5 6 3

(c) Domain F

Elev. [◦] 0 30 60 90

Azim. [◦] 0 45 90 135 180 225 270 315 0 60 120 180 240 300 0 120 240 0

1 9 5 6 9 7 5 10 8 12 8 7 11 12 10 8 5 5 9

PCs 4 8 5 5 7 5 8 8 4 9 6 7 10 6 10 5 7 3 7

6 5 6 4 2 4 9 8 7 5 6 7 7 5 8 2 7 7 6

(d) Domain L

Elev. [◦] 0 30 60 90

Azim. [◦] 0 45 90 135 180 225 270 315 0 60 120 180 240 300 0 120 240 0

1 10 6 2 11 5 9 6 9 8 5 6 6 3 8 5 3 6 7

PCs 3 4 6 5 10 6 4 5 9 3 4 5 2 4 3 3 8 1 4

6 4 4 3 5 10 6 2 7 5 8 6 6 4 5 6 2 5 6

3.4 Discussions
At first, it must be specified that the numbers of PCs used in the experiment for all domains are very small

comparing with those stated in Takane’s paper[8]. This means that the number of required PCs is relatively

small so as to reconstruct the HRTFs which do not bring about the significantly audible difference. Although

the range of the number of PCs was determined in the preliminary experiment, the results of the experiment

support such determination. Seeing Table 5∼Table 8, there exist few conditions with significantly large number

of correct answers. This indicates that the reconstructed HRTFs did not bring about the audible difference in

most of conditions of the experiment. Relatively small numbers of PCs in each domain may be owing to the

data for the SPCA in this paper. A database of HRTFs of a single HATS were used in this study, while many

researches carried out the SPCA of HRTFs with multiple subjects [2, 5, 10, 11].

Comparing among the results for four domains, the domain F has the most cells with significantly large number

of correct answers. However, such cells are distributed in the smaller number of PCs except a few condi-

tions. The domains C and L have relatively small number of cells, especially there were no subjects having

significantly large number of correct answers when the number of PCs is 6 in the domain C. there are seldom

conditions For all domains, such cells are located at two types of sound source directions. One of them is

completely front or directions with slight ITD and/or ILD (Table 6(a), (b), (d); Table 7(a),(c); Table 8(a), (b),

(c)). The reason for this tendency may be that the reconstructed HRTF was used only for the right ear. Slight

change in ILD and/or ITD may help discriminating the stimulus with the reconstructed HRTF from that with the

original one. The other one is when the sound source is located on the left side (azimuth ranged 225◦ to 315◦).

In this condition, the reconstruction accuracy for the contralateral (right) HRTFs may be degraded[3, 5, 8].
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Table 7. Numbers of correct answers obtained for the reconstructed HRTFs in various domains (Subject 3).

The values with significantly large number of correct answers according to the Benjamini-Hochberg procedure

(false discovery rate = 0.15) are indicated with bold font.

(a) Domain I

Elev. [◦] 0 30 60 90

Azim. [◦] 0 45 90 135 180 225 270 315 0 60 120 180 240 300 0 120 240 0

4 11 7 7 7 4 8 11 8 4 6 7 7 6 7 4 5 6 7

PCs 7 9 7 6 7 6 4 8 4 3 5 7 4 8 6 5 4 5 7

10 8 4 4 7 5 5 7 7 3 3 4 3 5 6 6 3 6 4

(b) Domain C

Elev. [◦] 0 30 60 90

Azim. [◦] 0 45 90 135 180 225 270 315 0 60 120 180 240 300 0 120 240 0

2 9 8 6 7 9 7 9 5 5 6 5 5 6 5 6 6 2 9

PCs 4 8 3 7 7 7 6 4 9 5 3 5 3 7 4 2 2 7 5

6 4 6 4 3 5 1 7 8 6 3 6 4 4 7 3 4 6 6

(c) Domain F

Elev. [◦] 0 30 60 90

Azim. [◦] 0 45 90 135 180 225 270 315 0 60 120 180 240 300 0 120 240 0

1 7 7 4 6 7 11 4 10 10 10 7 6 9 8 5 9 7 6

PCs 4 4 5 6 8 6 10 6 5 9 6 6 5 5 12 5 4 3 7

6 6 4 5 7 6 9 10 4 7 4 8 6 7 5 3 7 3 6

(d) Domain L

Elev. [◦] 0 30 60 90

Azim. [◦] 0 45 90 135 180 225 270 315 0 60 120 180 240 300 0 120 240 0

1 7 7 2 7 9 11 8 11 6 8 7 7 5 7 8 6 2 5

PCs 3 7 5 8 7 8 8 7 5 5 4 6 3 2 6 6 3 3 6

6 7 5 5 3 7 8 7 6 3 4 5 6 2 5 5 4 4 4

4 CONCLUDING REMARKS
In this paper, the subjective evaluation of the HRTFs reconstructed with the SPCA were mentioned. As a result,

it was found that the reconstruction of the HRTFs with subjectively inaudible difference from the original ones

are possible with smaller number of PCs than those Takane dicussed in his paper[8]. This brings about a

expection that the spatial variation of HRTFs can be represented more compactly. Throught the 3AFC hearing

experiment, it is found that the domain C and L have the relatively small number of conditions with significantly

large number of correct answers. Especially, there were no subjects having significantly large number of correct

answers when the number of PCs is 6 in the domain C.
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Adhoc method to invert the reassigned time-frequency representation
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Abstract
In this contribution, we present a heuristic method to invert the reassigned short time Fourier transform mag-
nitude spectrum to allow the reconstruction of the original time domain signal. This is a simple method just
involving an additional smearing step before phase retrieval. Finally, we provide some numerical evidence
that our method combined with existing phase retrieval methods shows excellent performance in synthesizing
pure tones and synthetic signals from the reassigned coefficients. Furthermore, we also illustrate the practical
importance of our results by applying our method to a real-world audio signal.
Keywords: Time-frequency representation, time-frequency reassignment, invertibility

1 INTRODUCTION
Time-Frequency (TF) representation techniques such as the Short Time Fourier Transform (STFT) (1, 3), partic-
ularly its magnitude, have been long used to analyze non-stationary signals. Despite being an efficient tool for
analysis of complex signals, STFT often suffer from temporal-spectral resolution trade-off problem (2), thereby
resulting in a smeared visual representation. In order to tackle this problem, the concept of TF reassignment
was originated. This method, first introduced by Kodera (4) and later popularized by Auger and Flandrin (5),
takes care of the aforementioned problem by utilizing the usually discarded phase information to produce a
sharper TF representation. In spite of this clear advantage, TF reassignment has not received much attention
because of its lack of invertibility, i.e., reconstruction of the original signal is not possible as the phase informa-
tion is not available for synthesis. So far, there have been very few studies investigating the ways to reconstruct
the original signal from the reassigned coefficients. One such method based on additive sound modeling can be
read in (6) and (7). In this paper, we present an approach to invert the reassigned STFT magnitude spectrum by
approximating the original STFT magnitude spectrum in combination with an existing phase retrieval method to
allow the synthesis of the original signal.

1.1 Notation
In the following, we will denote matrices with uppercase letters, such as A, and column vectors as lowercase
letters, such as a. a[i, j] will denote an element of the matrix A where i and j denotes the row and column
index respectively. We will write variables as lowercase letters, e.g., s and constants as uppercase letters, e.g.,
S.

For a matrix A, the frobenius norm is defined as ‖A‖ f ro =(∑i ∑ j |a[i, j]|2) 1
2 . For a vector x= [x0,x1, · · · ,xL−1]

T,
the `1 norm is defined as ‖x‖1 = ∑

L−1
l=0

∣∣xl
∣∣.

1 shristi.rajbamshi@oeaw.ac.at
2 peter.balazs@oeaw.ac.at
3 nicki.holighaus@oeaw.ac.at
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2 OVERVIEW OF TIME-FREQUENCY REASSIGNMENT
As per (5), TF reassignment technique can be applied to various TF representations. However, for simplicity
and clarity, we will only restrict to the STFT magnitude in this paper.

We will start by recalling a sub-sampled version of the discrete STFT called the Discrete Gabor Transform
(DGT) (9). For any finite and real signal x ∈ RL, the DGT with respect to the analysis window w ∈ RL, time
step a ∈ N and number of modulations M ∈ N is given by,

Xw[n,m] =
L−1

∑
l=0

x[l +na]w[l]e−i2πml/M, (1)

where n∈ {0, . . . ,N−1} denotes the time-shift index, m∈ {0, . . . ,M−1} denotes the modulation index and [l+na]
is assumed to be evaluated modulo L according to circular indexing. The transform redundancy is given by the
ratio M/a.

If a = 1 and M = L, then (1) represents the full STFT, aka sliding FFT. In polar coordinate form, (1) can
be decomposed as,

Xw[n,m] = |Xw[n,m]|eiΦ[n,m], (2)

where |Xw[n,m]| represents the magnitude and Φ[n,m] represents the phase.
Furthermore, the inverse DGT (IDGT) with respect to the synthesis window wd ∈ R is given as,

x̄[l] =
N−1

∑
n=0

M−1

∑
m=0

Xw[n,m]wd [l−na]ei2πm(l−na)/M, (3)

where l ∈ {0, . . . ,L−1}. Note that, if wd is a canonical dual window for w (9), then x̄ is equivalent to x up to
some numerical precision error.

Independent of the choice of window in (1), the STFT always suffers from uncertainty (2) manifesting in
a visual representation either smeared in time, in frequency or in both directions, that cannot be arbitrarily re-
duced. In order to refine this blurred representation, reassignment technique is utilized. In general, reassignment
maps the TF data to the "true region of TF support" of the analyzed signal by means of the partial derivatives of
the phase of the underlying TF representation. These partial derivatives are called instantaneous time-frequency
estimates. In our case, reassignment maps the magnitude at position (n,m) to a different TF position (ñ, m̃)
based on the phase derivatives of the underlying STFT. These new TF positions are referred to as reassignment
operators and are computed as following (5, 10),

ñ[n,m] = n+Re

X 1
TSR

tw[n,m]

Xw[n,m]

 , (4)

m̃[n,m] = m− L
2π

Im
[

XTSRdw[n,m]

Xw[n,m]

]
, (5)

where, Xw, X 1
TSR

tw and XTSRdw are the DGTs of the signal x corresponding to the analysis window w, time-

weighted version of the window w, i.e.,
(

1
TSR

tw
)
[l] = 1

TSR
t ·w(t)|t=lTSR

and derivative of the windows with respect

to time, i.e., (TSRdw) [l] = TSR
dw(t)

dt |t=lTSR
. Note that, TSR is the sampling period and we consider samples of a

continuous window function w(t), i.e. w[l] = w(t)|t=lTSR
.

Hence, the reassigned TFR for any point (n′,m′) is then calculated as (5),

Rx
w[n
′,m′] =

M−1

∑
m

−N−1

∑
n

Sw[n,m]δ (n′− ñ[n,m])δ (m′− m̃[n,m]). (6)

where Sw[n,m] = |Xw[n,m]|.
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3 PROPOSED METHOD TO OBTAIN THE ORIGINAL TIME-FREQUENCY REPRE-
SENTATION

Although TF reassignment has many desirable properties such as TF shift invariance, energy conservation, per-
fect localization for pure sinusoids, chirps and impulses (5), etc, the major drawback of this method is that it is
not invertible which constrains its use. In order to address this problem, we propose a method to approximate
the original TF representation from the reassigned TF representation by implementing a two step post process-
ing technique: The first step involves convolution of the reassigned coefficients with a kernel and the second
step involves recovery of the original STFT coefficients by employing existing phaseless retrieval methods.

Convolution
Phase

Retrieval

Inverse

DGT

Reassignment| · |DGTx[l]

x[l]

Xw[n,m]

XP
w[n,m]

|Xw[n,m]|

Cx
W[n,m]

Rx
w[n
′,m′]

Figure 1. Block diagram of the proposed inverse reassignment technique

3.1 Convolution as Inverse Reassignment
In order to recover the original STFT magnitude coefficients from the reassigned coefficients Rx

w[n
′,m′], we

perform two-dimensional convolution of the reassigned coefficients with a kernel. We will refer this procedure
as inverse reassignment. Mathematically, it can be formulated as,

Cx
W[n,m] = (Rx

w ∗W)[n,m] = ∑
m′

∑
n′

Rx
w[n
′,m′]W[n−n′,m−m′] (7)

where W[n,m] is the convolution kernel. In our work, we choose W[n,m] = w[n]⊗ ŵ[m], where w is the same
window with respect to which the STFT was computed and ŵ is its discrete Fourier transform given by,

ŵ[m] =
1√
K

K−1

∑
k=0

w[k]e−i 2π
K mk (8)

where m ∈ {0, . . . ,M−1}. Further, we make an assumption that both w and ŵ are symmetric, localized around
0 and ‖w‖1 = ‖ŵ‖1 = 1.

Proof in case of complex exponential
We now present a proof for the feasibility of our approach for the particular case of complex exponential
incorporating the concepts discussed in the previous sections. For that, we define a discrete complex exponential
signal x ∈RL of frequency f1, i.e., x[l] = Aei 2π

L f1l . Using (1), and choosing a = 1 and M = L, the STFT of x is,

Xw[n,m] = Aei 2π
L f1nŵ[m− f1], (9)

the magnitude is,

Sw[n,m] =| Xw[n,m] |= Aŵ[m− f1], (10)
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and the reassigned coefficients are,

Rx
w[n
′,m′] =

{
A if m′ = f1
0 otherwise .

With the convolution kernel, W[n,m] = w[n]⊗ ŵ[m], inverse reassignment yields,

Cx
w[n,m] = (Rx

w ∗W)[n,m]

= ∑
m′

∑
n′

Rx
w[n
′,m′]W[n−n′,m−m′)

= ∑
m′

ŵ[m−m′]∑
n′

Rx
w[n
′,m′]w[n−n′] (11)

Now, if m′ = f1,

Cx
w[n,m] = ŵ[m− f1]∑

n′
Rx

w[n
′, f1]w[n−n′]

= ŵ[m− f1]∑
n′

Aw[n−n′]

= Aŵ[m− f1]∑
n′

w[n−n′]︸ ︷︷ ︸
=1

∵ ‖w‖1 = 1

= Aŵ[m− f1]. (12)

Comparing (10) and (12), we obtain,

Cx
w[n,m] = |Xw(n,m)| . (13)

Hence, we can easily prove for the particular case of complex exponential that the operation of inverse
reassignment yields the original magnitude.

3.2 Phase Retrieval
The recovered STFT magnitude, i.e., Cx

w[n,m], is then used to estimate the original STFT coefficients employ-
ing a Phase Retrieval (PR) method. PR can be defined as a method to recover the original signal from the
magnitude only measurements. There are several studies focused on phase retrieval. In this section, we give
a summary of three specific phase retrieval methods that we use in our work to synthesize the signal from
the reassigned coefficients. We will denote them as PR-I, PR-II and PR-III. The first PR method is based
on an algorithm called Phase Gradient Heap Integration (PGHI) (12), second is based on an algorithm called
Griffin-Lim (GL) (11, 16) and third is based on the algorthim called Fast Griffin-Lim (13).

In PGHI, phase is retrieved by using the gradient theorem based on the assumption that the phase gradient
and phase at one point is known. Phase gradient are obtained from the magnitude gradient. Since this a non-
iterative method, the algorithm is very fast and appropriate for long signals.

The GL algorithm is an iterative approach which converges to the original phase by repeatedly computing the
STFTs and inverse STFTs. First it performs an inverse STFT using the original magnitude and then computes
the STFT of the obtained times series. Next, it combines the original magnitude with the phase of the newly
computed STFT and then again the inverse STFT is calculated. These steps are repeated till the algorithm
converges. This algorithm is not very efficient as it converges very slowly.

The FGL algorithm is a phase retrieval method that treats the phase recovery problem as an optimization
problem. As the name suggests, this algorithm is a faster version of the traditional GL algorithm.
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4 SIMULATION RESULT
To evaluate the performance of our proposed method, we carry out experiments using four different test signals.
All the simulations are implemented in MATLAB using the LTFAT toolbox (14, 15). Our first test signal
is a complex exponential of 50 Hz generated as x[l] = ei2π50l , second is a synthetic signal generated as x[l] =
cos(4800πl+350cos(10πl))+cos(20000πl−5400cos(2π(l−1)))+cos(750πl+80cos(4π(l−0.03))), third is the
(in)famous audio signal called "glockenspiel" (14) and fourth is the speech signal called "linus" (14).

Details about all the test signals, such as their lengths (L), sampling frequencies ( f s) and parameters, a and
M required for computing corresponding DGTs and IDGTs are enlisted in Table 1. For all the signals, the DGT
is computed with respect the sampled and periodized Gaussian window with variance 1 and IDGT is computed
with respect the canonical dual of the window used for DGT.

Table 1

L
(in samples)

f s
(in Hz) a M

Complex Exponential 400 400 1 400

Synthetic 44100 44100 200 1000

Glockenspiel 262144 44100 200 2000

Linus 41461 8000 200 1000

For each simulation, DGT, reassignment, convolution and IDGT are computed using ‘dgt’,‘gabreassign’,
‘pconv’ and ‘idgt’ fucntions available in the LTFAT toolbox. Additionally, the phase retrieval is carried out
using ‘constructPhase’ and ‘frsynabs’ routines which are also available in the LTFAT toolbox. Note that the
routines ‘constructPhase’ correspond to PR-I and ‘frsynabs’ with parameters griflim and fgriflim correspond to
PR-II and PR-III respectively.

4.1 Evaluation Metric
For each signal, we will reconstruct the original signal by employing various phase retrieval methods discussed
in Section 3.2 and calculate the consequent spectral convergence by including and excluding the convolution
step discussed in Section 3.1. We will use original phase as the benchmark to compare the performance of
various PR methods. The spectral convergence is given as (16),

20log10

(
‖X− X̄‖ f ro

‖X‖ f ro

)
.

where X̄ is the reconstructed STFT computed from the re-synthesized signal x̄ using 1.

4.2 Discussion
In Figure 2(a), it can be seen that our proposed method works perfectly for a pure tone as the difference
between the original and the reconstructed STFT magnitude is zero (up to numerical precision). Also for the
synthetic signal (see 2(b)), the reconstruction error is very small. Similar performance can be observed for
more complex signals like glockenspiel and linus (see 2(c) and 2(d)). It should be noted that our method
performs well not only for the case of high redundancy, for example, in case of complex exponential when the
redundancy is 400, but also for the low redundancy case, for example in case of other three signals when the
redundancy is 5, 10 and 5 respectively. Remember that, redundancy is calculated as M/a.
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(a) Complex Exponential
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(b) Synthetic Signal
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(c) Glockenspiel
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(d) Linus
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Figure 2. (I) left: Original STFT magnitude, (II) left middle: Reassigned STFT magnitude, (III) right middle:
Reconstructed STFT magnitude (Inverse Reassignment), (IV) right: difference between (I) and (III)

The Table 2 depicts the spectral convergence, using different phase retrieval methods while including and
excluding the convolution step denoted as "C" and "NC" respectively.
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Table 2. Spectral Convergence

Complex Exponential Synthetic Glockenspiel Linus

NC C NC C NC C NC C

Original Phase -7.6 dB -169.63 dB -8.67 dB -28.1 dB -8.79 dB -31.06 dB -9.27 dB -25.7 dB

PR-I -7.65 dB -169.63 dB -7.89 dB -13.02 dB -6.64 dB -14.95 dB -8.46 dB -10.3 dB

PR-II -7.65 dB -21.19 dB -8.04 dB -16.62 dB -6.72 dB -14.39 dB -8.69 dB -16.55 dB

PR-III -7.65 dB -23.86 dB -8.10 dB -19.20 dB -6.78 dB -14.73 dB -8.70 dB -17.46 dB

It can be deduced from Table 2 there is significant improvement in spectral convergence if we convolve the
reassigned coefficient with the kernel before we perform the phase retrieval.

5 CONCLUSION
We have demonstrated that reassigned STFT magnitude can be inverted using the convolution technique based
on the assumption that the analysis window and its Fourier transform are symmetric and their `1-norm is 1. The
proposed inverse reassignment method in combination with the existing PR techniques can be used to recover
the original time domain signal. Our method exhibited excellent performance not only for pure tones but also
for complex signals like audio and speech. Furthermore, pilot tests indicated that there was no audible differ-
ence between the original and reconstructed audio and speech signals. Therefore, we believe that this method
can be very useful in extending the usage of reassignment technique for present and future signal processing
applications which has been limited thus far due to the lack of invertibility.
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Abstract
In this paper, a method for evaluating the cleanness of each time-frequency bin of multichannel spectrograms is
proposed. When observing acoustical signals with noise and/or interference, the degree of noisiness is usually
different for each bin in the time-frequency domain. Therefore, array signal processing techniques should be
possible to be improved by choosing only “cleaner” bins, which contain less noise and/or interference, for
extracting the spatial information. The proposed method aims to distinguish such clean bins from noisy ones.
To do so, the similarity of phase derivative among channels is considered since phase is sensitive to noise and
interference. Constant phase is removed by derivative so that convolutive mixtures can be handled without care
on spatial condition. The proposed method is applied to direction-of-arrival estimation (MUSIC method) and
blind source separation (independent vector analysis) for demonstrating the possibility of the proposed measure.
Keywords: Multichannel signal processing, microphone array, convolutive mixture, instantaneous fre-
quency, group delay.

1 INTRODUCTION
Multichannel signal processing has been studied widely owing to its versatile applications [1–3]. The standard
way of utilizing spatial information contained in the multichannel signals is to formulate the observation model
in the time-frequency domain. In such formulation, each time-frequency bin represents the spatial information
through phase difference and amplitude ratio between channels. Then, based on these information, the problem
of handling multichannel signals is reduced to manipulation of a complex vector for each bin. In particular,
phase difference between channels is important for signal processing because the plane wave model, which is
considered in vast majority of multichannel signal processing techniques, does not admit amplitude difference
but only phase contains its directional information.
When only a single source is observed without any noise or interference, then the spatial information can
be easily extracted by just calculating the phase difference. However, such ideal situation cannot be realized
in reality since every measurement is imperfect and contains noise to some extent. Moreover, many of the
applications, including blind source separation (BSS) [4–6] and direction-of-arrival (DOA) estimation [7–9],
begin with the situation where two or more sources are observed simultaneously (in such case, a source is
interference for another sources). Therefore, estimating spatial information is far difficult in practical situation
than the ideal situation. That is, one has to estimate it from phases contaminated by noise and/or interference.
To relieve this difficulty, it should be favorable to know the position of “cleaner” bins which contain less
noise and/or interference. Since most of the interested signals (such as speech) admit sparse time-frequency
representation, it can be expected that the degree of noisiness is different for each bin. That is, some bins are
expected to be cleaner than the other bins. If one can know such cleaner bins in advance, it should be easier
to estimate spatial information and obtain better processing result.
In this paper, we propose an indicator of cleanness of each time-frequency bin based on phase derivative of
the multichannel signal. Since phase is sensitive to noise and interference, similarity of phase between channels
should indicate the amount of noise and interference in each bin. However, phase difference also contains spatial
information such as DOA, which does not allow to directly utilize the phase. To avoid such situation, derivative
of phase is considered so that constant phase related to the spatial information is removed, and evaluation of

2797



cleanness becomes possible. The potentiality of the proposed method is tested by DOA estimation and BSS,
and its effectiveness is shown as the improvement of the performances.

2 MULTICHANNEL OBSERVATION MODEL
Let N source signals in time domain be written as N -dimensional vector s[τ ] = [s1[τ ], s2[τ ], ..., sN [τ ]]T, and
M channel signals x[τ ] = [x1[τ ], x2[τ ], ..., xM [τ ]]T be observed through convolution:

xm[τ ] =
N∑

n=1

∑
k

hm,n[k] sn[τ − k], (1)

where hm,n is the impulse response relating nth source to the mth observation, and τ is the index of time.
Through the Fourier transform, this relation can be represented in the frequency domain as

x̂m[ω] =
N∑

n=1
ĥm,n[ω] ŝn[ω], (2)

where ω is the index of frequency, and ĥ denotes the Fourier transform of h. This frequency-domain rep-
resentation is more convenient than that in the time domain as the convolution reduces to the element-wise
multiplication. To gain such benefit while retaining the time-dependent information, Eq. (1) is often approxi-
mated by the short-time Fourier transform (STFT), which can be written as

x̂[t, ω] ≈ H[ω] ŝ[t, ω], (3)

where H is an M × N matrix whose (m,n)th element is ĥm,n, and t is another index of time in the time-
frequency domain which depends on the setting of STFT.
The aim of this paper is to evaluate the degree of noisiness of observed signal x̂[t, ω] for each time-frequency
index (t, ω) without assuming any structure on H[ω] or ŝ[t, ω]. That is, only inter-channel information at each
bin is allowed for the evaluation, and any relation between time-frequency bins (such as harmonic structure and
time continuity) cannot be utilized.

3 PROPOSED METHOD
For estimating cleanness of each time-frequency bin of observed multichannel signals, we propose to utilize
derivatives of phase. Inter-channel difference of phase derivatives is measured by their standard deviation to-
gether with a nonlinear scaling function.

3.1 Phase of observed multichannel signal
For considering inter-channel information, the simplest situation is considered first. Let only nth source be
active at (t, ω)th bin:

x̂[t, ω] = ĥn[ω] ŝn[t, ω], (4)

where ĥn is nth column of H . That is, the observed signal x̂ is scalar multiple of ĥn which fully represents
the spatial information between nth source and the m observed signals. Therefore, it should be beneficial to
find such time-frequency bin for estimating or processing the spatial information.
In this paper, we consider fully blind setting for finding such “clean” time-frequency bin, i.e., no information on
H[ω] or ŝ[t, ω] is available. Then, it is impossible to distinguish ĥn[ω] ŝn[t, ω] from

∑
n ĥn[ω] ŝn[t, ω] because

both ĥn and ŝn are unknown. Therefore, the effect of either ĥn or ŝn should be canceled so that the number of
unknowns becomes manageable. Here, the effect of ĥn is canceled to reveal the information of source signals.
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To do so, phase of the observed signal is considered. The polar representation of mth element of Eq. (4) can
be written as

x̂m[t, ω] = Aĥm,n
[ω] ejϕĥm,n

[ω]
Aŝn

[t, ω] ejϕŝn[t,ω], (5)

=
(
Aĥm,n

[ω]Aŝn
[t, ω]

)
ej(ϕĥm,n

[ω] + ϕŝn[t,ω])
, (6)

where j =
√
−1, and A·[t, ω] ≥ 0. Therefore, its phase is given by

ϕx̂m
[t, ω] = ϕĥm,n

[ω] + ϕŝn
[t, ω]. (7)

This representation of observed signal removes ambiguity on amplitude of ĥm,n. If the ambiguity on phase of
ĥm,n can also be eliminated, then information on the source signal can be extracted from the phase of observed
signals. For instance, if ϕĥm,n

[ω] is constant for all m, then phases of all elements of x̂[t, ω] (indexed by m)
are the same since ϕŝn

[t, ω] does not depend on m. That is, if ϕĥm,n
[ω] can be converted so that it becomes

independent of m, then clean time-frequency bin should have the same phase for all channel m.

3.2 Partial derivatives of phase spectrograms
As the conversion of phase, its partial derivative is considered. Since (continuous) spectrogram depends on time
and frequency, partial derivatives of phase are available for both time and frequency directions, which are called
instantaneous frequency (IF) and group delay (GD), respectively [10–15]. Since derivative is linear, IF and GD
of the clean time-frequency bin in Eq. (4) can be represented as

IFx̂m[t, ω] = ∂tϕx̂m[t, ω] = ∂tϕĥm,n
[ω] + ∂tϕŝn[t, ω], (8)

GDx̂m
[t, ω] = ∂ωϕx̂m

[t, ω] = ∂ωϕĥm,n
[ω] + ∂ωϕŝn

[t, ω], (9)

where each partial derivative can be computed either approximately or exactly [11] (note that their calculation
is not expensive because computing all derivatives requires only three STFTs [11]).
These quantities are closely related to partial derivatives of the log-magnitude spectrogram [12]. If the Gaussian
window is utilized for STFT, their relation can be written analytically as

∂tϕx̂m[t, ω] = C1 ∂ω log |x̂m[t, ω]|+ C2(ω), (10)

∂ωϕx̂m
[t, ω] = C3 ∂t log |x̂m[t, ω]|+ C4(t), (11)

where the coefficients C depend on the configuration of STFT, and these equations are valid for other window
functions approximately. Since all the coefficients only depend on the STFT configuration (i.e., they do not
depend on microphone index m), these equations indicate that inter-channel difference of IF and GD are small
when the corresponding log-magnitude is smooth.

3.3 Two assumptions on phase derivatives of impulse response
Remind that ϕĥm,n

[ω] is phase of the impulse response in Eq. (1). Since log-magnitude spectrograms of usual
room impulse responses can be expected to be smooth, we assume that inter-channel differences of ∂tϕĥm,n

[ω]
and ∂ωϕĥm,n

[ω] are small in practice. In addition, since the poles of typical impulse responses are independent
of positions of sensors [16], we assume that ∂tϕĥm,n

[ω] and ∂ωϕĥm,n
[ω] are similar for all channels. If at least

one of these two assumptions is satisfied, then Eqs. (8) and (9) can be rewritten as

IFx̂m
[t, ω] ≈ ∂tϕŝn

[t, ω] + C, (12)

GDx̂m
[t, ω] ≈ ∂ωϕŝn

[t, ω] + C, (13)
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Figure 1. Histograms of inter-channel difference of (a) phase, (b) IF, and (c) GD. Each histogram was cal-
culated from time-frequency bins which were categorized by bin-wise SNR of mixture of two female speech
(dominating source was treated as S and the other was N for calculating SNR), and all histograms (normalized
by maximum) were vertically concatenated to form the two-dimensional image.
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Figure 2. Illustrative example of the proposed measure of cleanness (calculated by IF) applied to (a) spectrogram
of a synthetic signal. Each measure was calculated by (b) binary function in Eq. (16), (c) exponential function
in Eq. (17), and (d) raised cosine in Eq. (18).

where C is some constant independent of m. That is, phase derivatives of clean time-frequency bins are the
same for all channels.
This is illustrated in Fig. 1, where inter-channel difference of IF and GD was compared to that of phase
(with frequency-wise phase alignment in [17]). Two-channel observation of two female speech signals was
simulated so that they arrived from −30 and 30 degrees. For each time-frequency bin, inter-channel difference
of (a) phase, (b) IF or (c) GD was calculated. At the same time, signal-to-noise ratio (SNR) of each bin was
calculated by considering the larger source as signal and the other as noise. Normalized histograms of inter-
channel difference of phase, IF or GD were calculated for each SNR, and stacked to form the two-dimensional
images. As in the figure, inter-channel phase difference clearly indicates DOA of the source signals which was
not perfectly concentrated but blurred for all SNR. In contrast, inter-channel difference of the phase derivatives
was concentrated around 0, and it spread as SNR decrease. That is, difference of phase derivative of cleaner
bins was nearly 0, while that of noisier bins had higher magnitude.

3.4 Proposed indicator of clean time-frequency bins
As in Eqs. (12) and (13), IF and GD of a clean time-frequency bin are expected to be independent of channel
index m. That is, IF and GD are the same for all channel if that bin is clean. Therefore, similarity of IF and
GD among channels is considered for detecting clean bins.
While a variety of similarity measures are available, standard deviation is considered in this paper. As the
similarity is considered among channels, standard deviation is taken among channels as

σM (x̂[t, ω]) =
(

1
M

M∑
m=1

(
∂·ϕx̂m[t, ω]− ∂·ϕx̂[t, ω]

)2
)1

2

, (14)

where ∂·ϕx̂m
[t, ω] represents either IFx̂m

[t, ω] or GDx̂m
[t, ω] by denoting ∂· ∈ {∂t, ∂ω}, and ∂·ϕx̂[t, ω] is its

mean (taken for m). Based on the assumption in the previous subsection, a time-frequency bin having small

2800



σM (x̂[t, ω]) is expected to be cleaner than the higher ones. Since this quantity can be calculated for each (t, ω)
independently, no structure within a channel is assumed.
For utilizing Eq. (14) in estimation and/or processing methods, it is convenient to apply a nonlinear scaling
function which takes its value within 0 to 1. That is, the measure of cleanness is defined as

M[t, ω] = S
(
σM (x̂[t, ω])

)
(∈ [0, 1] ), (15)

where S is the scaling function taking a real scalar between 0 and 1 such that S(0) = 1, and S(σ) tends to
0 as σ increases. Although any function can be chosen for S to measure the similarity, three functions are
defined in this paper for examples:

binary function taking either 0 or 1 decided by a threshold ε,

Sbinary(σM ) =
{

1 (σM ≤ ε ),
0 ( otherwise ),

(16)

exponential function with scaling parameter α,

Sexp(σM ) = exp(−ασM ), (17)

raised cosine of one period with scaling parameter α,

Scos(σM ) =
{

( 1 + cos(ασM )) / 2 ( |ασM | ≤ π ),
0 ( otherwise ).

(18)

By inserting one of these functions (or any other similar function) into Eq. (15), M[t, ω] becomes a measure of
cleanness of (t, ω)th bin, where M[t, ω] is close to 1 if that bin is clean and close to 0 if noisy. The proposed
measure with these scaling functions is illustrated in Fig. 2, where a two-channel signal was constructed from
a sum of four sinusoidals and a chirp signal, and IF was used for the calculation of σM (using GD obtained
quite similar results, and thus only IF is shown). As seen in the figure, the proposed measure takes 1 for time-
frequency bins consisting of single component and takes nearly 0 for bins consisting of multiple components.
Note that it takes nearly 0 for bins containing no component, which should be because their SNR is not high
owing to the quantization error.

4 EXPERIMENTS
To demonstrate the usefulness of the proposed measure of cleanness, it was applied to three applications: ran-
dom noise reduction by masking, DOA estimation by the multiple signal classification (MUSIC) method, and
BSS by the independent vector analysis (IVA).

4.1 Simple random noise reduction by time-frequency masking
Since the proposed measure takes its value within 0 to 1, it can be regarded as a time-frequency mask if
it correctly evaluates the degree of cleanness for each bin. To confirm the appropriateness of the proposed
measure, a very simple denoising experiment was performed. A two-channel signal was simulated so that a
single speech signal was arrived from 30 degree. The Gaussian random noise was added to each channel in
the time domain so that its SNR becomes 0 dB, and the proposed measure was multiplied to the noisy signal
in the time-frequency domain. The denoising results for each scaling function with several window lengths are
summarized in Fig 3, where the horizontal axes represent parameters of the scaling functions. As SNR was
improved for all situations, the results indicate that the proposed measure can correctly assign lower value for
noisy time-frequency bins and higher value for the cleaner ones.
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4.2 DOA estimation based on MUSIC spectrum
As an application of the proposed measure, DOA estimation using MUSIC method [18, 19] was considered.
Observed signals were simulated by convoluting impulse responses to source speech signals which was ob-
tained from SiSEC database [23]. The impulse responses convoluted to source signals were obtained from IKS
database1 whose T60 was 160 ms. True source angles were set to {−30, 15} degrees, and the microphone spac-
ing was 8 cm, where the distance between sound sources and microphones was 2 m. The Gaussian random
noise was added to the simulated signals so that their SNR became {20, 15, 10, 5, 0} dB, and the steering vec-
tors were calculated by 0.1 degree increment between −90 to 90 degrees. The root-mean-squared error (RMSE)
was calculated from 1000 random realizations. A single MUSIC spectrum was obtained for each realization by
adding the spectrums for each frequency, and two largest peaks were chosen automatically from the peak posi-
tions obtained by findpeaks function in MATLAB. STFT was calculated by half-overlap Hann window whose
length was 128 ms. The proposed measures were multiplied to the observed spectrograms before calculating the
MUSIC spectrum, where the parameters were set to ε = 0.1 for Sbinary, α = 3 for Sexp, and α = 5 for Scos.
RMSEs of estimated DOA are summarized in Fig. 4. While the result for MUSIC method with and without the
proposed measure did not differ much in the cleaner situation, their difference is apparent in noisier situations.
Multiplication of the proposed measure reduced RMSE in noisy situations, which can also be confirmed from
Fig. 5 showing examples of MUSIC spectrum. In the case of 0 dB in Fig. 5, the smaller peak was resolved
only when the proposed measure was multiplied, which is shown in color.

4.3 Determined BSS based on IVA
As another application, BSS using IVA [20–22] was considered. Live recordings of speech signals were obtained
from SiSEC database [23] (dev1, liverec), where T60 was 130 ms, microphone spacing was 5 cm, and their
geometry is shown in Fig. 6. After multiplying the proposed measure to the observed spectrograms, a set of

1https://www.iks.rwth-aachen.de/en/research/tools-downloads/databases/multi-channel-impulse-response-database/
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Table 1. Separation results of two speech mixture [dB].
SDR impr. SIR impr. SAR

female male female male female male
IVA 1.9 7.7 4.3 11.2 7.3 10.5

Prop (IF)
+IVA

Sbinary 2.2 7.6 4.6 11.2 7.3 10.4
Sexp 3.4 8.0 6.4 12.1 7.4 10.4
Scos 3.6 8.0 6.5 12.2 7.6 10.4

Prop (GD)
+IVA

Sbinary 5.2 7.7 8.4 11.4 8.8 10.4
Sexp 4.4 8.1 7.5 12.0 8.1 10.6
Scos 5.1 8.2 8.5 12.2 8.3 10.6

Table 2. Separation results of three speech mixture [dB].
SDR impr. SIR impr. SAR

female male female male female male
IVA 1.1 4.0 3.6 6.9 4.4 5.7

Prop (IF)
+IVA

Sbinary 2.4 5.1 5.6 8.2 4.6 6.0
Sexp 3.6 5.7 6.1 8.9 5.6 6.4
Scos 2.9 5.8 5.9 9.1 5.0 6.5

Prop (GD)
+IVA

Sbinary 3.9 3.8 6.8 6.9 6.0 5.6
Sexp 3.2 5.7 6.4 9.4 5.1 6.1
Scos 3.2 5.2 6.6 8.8 4.7 5.8

demixing filters were obtained, and it was applied to the original observed signals. That is, multiplication of the
proposed measure only affects the estimation of the demixing filter, and no noise reduction effect was retained
in the separated results for fair comparison to the ordinary IVA. Separation results were evaluated by the Source-
to-Distortion Ratio (SDR), Source-to-Interference Ratio (SIR), and Source-to-Artifacts Ratio (SAR) [24].
The results are summarized in Table 1 and Table 2. From the results, it can be seen that the best situations im-
proved SDR about 3 dB for female speech of both two and three channel scenarios. Interestingly, the proposed
method based on GD tended to be better than that based on IF. Note that applying the proposed measure im-
proved the separation in most of the cases, and more importantly, it rarely degraded the separation performance.
Therefore, the proposed method can be a good option for demixing matrix estimation in determined BSS. We
emphasize again that these improvements were purely based on the improvement of demixing filters because
the estimated filters were applied to the original observed signals.

5 CONCLUSION
In this paper, a method for evaluating the cleanness of each time-frequency bin of multichannel signals was
proposed. By considering inter-channel difference of the partial derivatives of phase, the proposed method
successfully distinguished clean time-frequency bins from noisy ones. Examples of applications on denoising,
DOA estimation and BSS indicated the usefulness of the proposed measure in array signal processing. Although
potentiality of the proposed measure was shown, its value is less understandable than the quantities utilized
in sound enhancement literature, such as noise probability density functions and a priori SNR. Utilizing the
proposed concept to obtain such understandable quantities should be the next step of research which remained
as a future work.
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Abstract
In this paper, we propose a robust demixing filter update algorithm for audio source separation. Audio source
separation is a task to recover source signals from multichannel mixtures observed in a microphone array, which
can be applied to, e.g., speech recognition and music signal analysis. Recently, independent deeply learned
matrix analysis (IDLMA) has been proposed as a state-of-the-art separation method. IDLMA utilizes deep
neural network (DNN) inference of source models and blind estimation of demixing filters based on sources’
independence. In conventional IDLMA, iterative projection (IP) is exploited to estimate the demixing filters.
Although IP is a fast algorithm, when the specific source model is not accurate owing to the bad SNR condition,
the successive update of filters will fail hereafter. This is because IP updates the demixing filters in a source-wise
manner where only one source model is used for each update. In this paper, we derive a new microphone-wise
update rule which exploits all information of the source models simultaneously for each update. Moreover, we
propose a method to select the appropriate source- or microphone-wise update rule depending on the source
signal’s pseudo SNR estimated via the DNNs. Experimental results show the efficacy of the proposed method.
Keywords: Audio source separation, Deep neural network

1 INTRODUCTION
Audio source separation aims to recover source signals from the multichannel mixtures observed by a micro-
phone array. Many types of algorithm have been proposed, e.g., unsupervised (blind) methods [1–17] and
supervised (informed) methods [18–22]. Independent deeply learned matrix analysis (IDLMA) [23,24] is a state-
of-the-art separation method combining blind estimation of the demixing matrix and deep neural network (DNN)
inference of source models. In the conventional source-separation methods including IDLMA, a fast and stable
coordinate descent algorithm called iterative projection (IP) [5,25] is exploited to estimate the demixing matrix.
IP updates the demixing matrix in a source-wise (row-wise) manner where only one source model is used for
each update. Although IP is a fast algorithm, our preliminary experiments show that it sometimes fails to find a
good solution. This is because when the specific source model is not accurate owing to the bad SNR condition,
the successive update of filters will fail hereafter. In this paper, we propose a new microphone-wise (column-
wise) update rule of the demixing matrix, which exploits all information of the source models simultaneously
for each update. Since IP and the proposed column-wise update rule are based on the coordinate-descent-type
iterative algorithm, the update order exists and it is arbitrary. In general, different update rule or update order
leads to a different solution because of local minima in the cost function, and it is difficult to choose the most
appropriate update strategy (here the “strategy” includes a type of row/column-wise update rule, update order,
and how to switch them in the iterative optimization). In order to find the appropriate update strategy, we
propose an automatic selection method for the update strategy depending on the source signal’s pseudo SNR
estimated via the DNNs.
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2 CONVENTIONAL METHODS
2.1 Formulation
Let M and N be the numbers of microphones and sound sources, respectively. We assume a determined case
where M = N. The short-time Fourier transform (STFT) of the observed mixtures, estimated signals, source
signals are defined as

xi j = (xi j1, . . . ,xi jN)
T, (1)

yi j = (yi j1, . . . ,yi jN)
T, (2)

si j = (si j1, . . . ,si jN)
T, (3)

where i and j denote the indexes of frequency bins and time frames, respectively, and T denotes the transpose.
In the determined case, the estimated signals yi j can be represented as

yi j = Wixi j, (4)

where Wi = (wi1, . . . ,wiN)
H is the demixing matrix and wH

in is the demixing filter for the nth source, and H

denotes the Hermitian transpose.

2.2 Generative Model and Cost Function
In IDLMA, the following univariate complex Gaussian distribution is assumed as a source generative model:

∏
i, j

p(yi jn) = ∏
i, j

1
πri jn2 exp

(
−
|yi jn|2

ri jn2

)
, (5)

where ri jn is the scale parameter of a Gaussian distribution. Under the model (5), the cost function to be
minimized w.r.t. Wi and ri jn (negative log-likelihood of xi j = W−1

i yi j) is obtained as

L
c
= ∑

i

(
∑
n

wH
inQinwin− log |detWi|2

)
+

1
J ∑

i, j,n
logr2

i jn, (6)

Qin =
1
J ∑

j

xi jx
H
i j

ri jn2 . (7)

We denote the scale parameter matrix as Rn ∈RI×J
≥0 , whose elements are ri jn. The aim of IDLMA is to blindly

estimate Wi only from the observed mixtures with the assistance of a DNN. The overview of separation process
of IDLMA is shown in Fig. 1.

2.3 Update Rule of Demixing Matrix by IP
In [5, 25], a fast and convergence-guaranteed algorithm called IP was proposed, which can be applied to the
sum of a negative log-determinant and a quadratic form. By applying IP to the first and second terms of the
right side in (6), the update rule of demixing matrix Wi is obtained as follows:

win← (WiQin)
−1en, (8)

win←
win√

wH
inQinwin

, (9)

where en denotes the unit vector with the nth element equal to unity. Note that since the update order w.r.t. n
is arbitrary, we have to select the appropriate update order from N! options.
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Figure 1. Overview of separation process in IDLMA.

2.4 Update Rule of Scale Parameter Matrix by DNN
DNNn is pre-trained so that the scale parameter |Rn|.1 is predicted from an input mixture spectrogram |X̃|.1,
where X̃ ∈ CI×J is a mixture spectrogram in the training data and | · |.p for matrices denotes the element-wise
absolute and pth-power operations. In inference for open data, the scale parameter matrix is updated by the
pre-trained DNNn as

|Rn|.1← DNNn(|Yn|.1), (10)
ri jn←max(ri jn,ε), (11)

where Yn ∈CI×J is the spectrogram of the estimated signal whose elements are yi jn, temporally obtained through
the update of Wi and ε is a small value to increase the numerical stability in IP.
When we define the output scale parameter matrix as Dn = DNNn(|X̃|.1) ≈ Rn and source spectrogram as
S̃n ∈ CI×J , the loss function of DNNn in (10) can be defined as

L(Dn) = ∑
i, j

|s̃i jn|2 +δ1

di jn
2 +δ1

− log
|s̃i jn|2 +δ1

di jn
2 +δ1

−1, (12)

where s̃i jn and di jn are the elements of S̃n and Dn, respectively, and δ1 is a small value to avoid division by
zero [20]. Since minimizing (12) corresponds to a simulation for the ML estimation of ri jn in (6) (only limited
to the training data), DNNn can be approximately interpreted as an appropriate source model based on (5). In
making the mixture spectrogram |X̃|.1, source spectrograms are mixed with various SNR as described in [23].

3 PROPOSED METHODS
3.1 Proposed Update Rule of Demixing Matrix
In [23], demixing matrix Wi is updated by (8) and (9). IP updates win based on given source model Rn
and win′ (n′ ̸= n) for each n, which corresponds to a source-wise update of Wi. Therefore, updating win with
accurate Rn first leads to a good solution and the update order w.r.t. n is important.
In this paper, we propose a column-wise update rule, which corresponds to a microphone-wise update of Wi.
Figure 2 illustrates a difference between the conventional IP and the proposed column-wise update algorithm.
We denote the column vector w̃im of Wi as Wi = (w̃i1, . . . ,w̃iN), where w̃im is a microphone-wise vector
although win is a source-wise (row) vector. We pick out the partial cost function J w.r.t. demixing matrix Wi
from (6), which is rewritten as follows w.r.t. w̃im:

J = ∑
i

(
∑
n

wH
inQinwin− log |detWi|2

)
c
= ∑

i

(
w̃H

imQ̃imw̃im + w̃H
imh̃im + h̃H

imw̃im− log |bH
imw̃im|2

)
, (13)
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where

Q̃im = diag(Qi1mm, . . . ,QiNmm), (14)

h̃im =

(
∑

m′ ̸=m
w∗i1m′Qi1m′m, . . . , ∑

m′ ̸=m
w∗iNm′QiNm′m

)T

. (15)

Here Qinm′m is the (m′,m)th element of Qin, winm′ is the m′th element of win, diag(Qi1mm, . . . ,QiNmm) is the
diagonal matrix whose elements are Qi1mm, . . . ,QiNmm, bH

im is the mth row vector of the adjugate matrix of Wi,
and ∗ denotes the complex conjugate. Since IP can not minimize the cost function that includes the linear form,
we derive a new coordinate descent algorithm for (13). The derivative of (13) is obtained as

∂J

∂w̃∗im
= Q̃imw̃im + h̃im−

bim

w̃H
imbim

. (16)

From ∂J /∂w̃∗im = 0, the stationary point is given in [26] as

uim← (Q̃imW H
i )−1em, (17)

ûim← Q̃−1
im h̃im, (18)

aim← uH
imQ̃imuim, (19)

âim← uH
imQ̃imûim, (20)

w̃im←


uim√

aim
− ûim (âim = 0),

âim
2aim

[
1−
√

1+ 4aim
|âim|2

]
uim− ûim (âim ̸= 0).

(21)

Similarly to IP, we have to select the appropriate update order from N! options.
Although we obtain two update rules (row-wise or column-wise), each of which has N! update order, it is
difficult to determine the most appropriate update strategy in advance. In order to select the appropriate update
strategy that derives high separation performance, we propose the following pseudo-SNR-related criterion ζ :

ζ =
1
N ∑

n

∑i, j{|DNNn(|Yn|.1)|.2}i j

∑l ∑i, j{|DNNl(|Yn|.1)|.2}i j
, (22)

where {}i j denotes the (i, j)th element of the matrix. Since DNNn is trained to output the scale parameter of
the nth source, the numerator of ζ represents the nth source’s power in Yn and the denominator of ζ represents
the sum of all the sources’ power, which means that ζ indicates the separation accuracy of Yn. We propose the
following procedure to select the update strategy when the demixing matrix is updated.

Step 1: Make 2N! copies of Wi .

Step 2: Each Wi is updated by each update rule ((8)–(9) or (17)–(21)) and their update order (N! options for
n).
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Figure 3. Recording conditions of impulse responses obtained from RWCP database.

Step 3: ζ is calculated via (4) and (22) for each Wi.

Step 4: Wi with the highest ζ is taken over to the next iteration.

4 EXPERIMENTAL EVALUATION
We confirmed the validity of the proposed update strategy selection by conducting a music source separation
task. We compared six methods: multichannel nonnegative matrix factorization (MNMF) [7], independent low-
rank matrix analysis (ILRMA) [9], DNN+WF [27], Duong+DNN [20], conventional row-wise update IDLMA
(Row IDLMA), and proposed IDLMA exploiting both row-wise and column-wise updates based on DNN se-
lection (Row+Column IDLMA). MNMF and Duong+DNN estimate the mixing system by the EM algorithm,
where MNMF estimates the source model blindly and Duong+DNN estimates it using DNN. ILRMA is a blind
method that estimates the demixing system by IP. DNN+WF applies a Wiener filter constructed using all the
outputs of the DNN source models to the reference channel signal. Note that MNMF and ILRMA are “blind
(unsupervised)” techniques, but we show their performances just for reference to understand to what extent the
supervised methods (DNN+WF, Duong+DNN, Row IDLMA, and Row+Column IDLMA) can improve the per-
formance by using pretraining data. For all methods except DNN+WF, we updated the demixing matrix 200
times. In Duong+DNN, Row IDLMA, and Row+Column IDLMA, the scale parameter matrix Rn was updated
by DNNn after every 10 iterations of the spatial parameter optimization. We treated 10 iterations of the spatial
parameter optimization as one update strategy and DNN selection of update strategy is done every time after
Rn is updated. In Row IDLMA, we averaged the separation performance of all the row-wise update order.
We used the DSD100 dataset of SiSEC2016 [28] as the dry sources and the training dataset of DNN. The 50
songs in the dev data were used to train DNNn and the top 25 songs in alphabetical order in the test data
were used for performance evaluation. The test songs were trimmed only in the interval of 30 to 60 s. To
simulate reverberant mixtures, we produced two-channel observed signals by convoluting the impulse response
E2A (T60 = 300ms) obtained from the RWCP database [29] with each source, and mixtures of bass and vocal
were created. The recording conditions of E2A is shown in Fig. 3. All the signals were downsampled to
8kHz. An STFT was performed using a 512-ms-long Hamming window with a 256-ms-long shift. We used the
signal-to-distortion ratio (SDR) [30] to evaluate the total separation performance.
In this paper, the number of hidden layers in the constructed fully connected DNN was set to four. Each
layer had 1024 units, and a rectified linear unit was used for the output of each layer. To optimize the DNN,
we added the term (λ/2)∑q gq

2 to (12) for regularization, where gq is the weight coefficient in DNN, and
ADADELTA [31] with a 128-size minibatch was performed for 2000 epochs. The parameter ε was experimen-
tally optimized and set to 0.1× (IJ)−1 ∑i, j σi jn. The other parameters were set to δ1 = δ2 = 10−5 and λ = 10−5.
Figure 4 shows the average SDR improvement for bass/vocal separation. The proposed Row+Column IDLMA
achieves the best SDR improvement among all the state-of-the-art blind and supervised methods. In particular,
the proposed Row+Column IDLMA increases the SDR improvement from Row IDLMA by 1.5 dB, which

2809



Blind (Ref.) Supervised

Figure 4. Average SDR improvement of 25 bass/vocal songs.

Row (ascend)     Row (descend)    Col (ascend)    Col (descend)

Figure 5. Histogram of selected update rule and update order in Row+Col IDLMA

indicates that DNN selects the appropriate update strategy. Figure 5 shows the histogram of the update rule and
order selected in Row+Column IDLMA. In Fig. 5, “Row” or “Col” is the type of update rule and “ascend” or
“descend” is the update order. Here “ascend” means that the demixing filter corresponding to Vo. was updated
first in “Row” and the vector corresponding to the right microphone in Fig. 3 was updated first in “Col”. It
is confirmed that the column-wise update is chosen 2.8 times as much as the row-wise update, which indicates
that the column-wise update often leads to a better solution than IP in IDLMA.

5 CONCLUSIONS
In this paper, we proposed a new microphone-wise update algorithm for demixing matrix. Moreover we pro-
posed a method to select the appropriate row- or column-wise update rule depending on the source signal’s
pseudo SNR estimated via the DNNs. Experimental results showed that the update strategy selection improves
the separation performance, which exploits the proposed column-wise update more frequently than the conven-
tional row-wise update.
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Abstract
In the context of audio signal processing for microphone-equipped robots, the robot’s self-created movement
noise, so-called ego-noise, is a crucial problem. It massively corrupts the microphone signal and degrades
the robot’s capability to interact intuitively with its environment. Therefore, ego-noise suppression is a key
processing step in robot audition, which is commonly addressed using learning-based dictionary or template
approaches.
In this contribution, we introduce a deep-learning framework called Deep Clustering (DC) for ego-noise sup-
pression in a single microphone channel, which was initially introduced by Hershey et al. for the task of speech
separation. In DC, a bi-directional recurrent neural network is trained to embed each time-frequency bin of a
mixture, containing ego-noise and speech, to a higher dimensional domain under the constraint that embeddings
of bins dominated by ego-noise have maximal distance to those dominated by speech. During testing, clustering
is performed in the embedding domain to assign each time-frequency bin uniquely to one of the two signal
components and thereby allowing the estimation of both.
We demonstrate that DC allows a significant reduction of ego-noise in the reconstructed signal. Additionally,
we investigate the influence of the embedding size and the hidden layer size on the suppression performance.

Keywords: Robot audition, Ego-noise, Deep Clustering

1 INTRODUCTION
Robot audition, i.e., the ability of a robot to understand a user’s speech signal and behave accordingly, highly
depends on the quality of the recording. Therefore, many algorithms have been developed to reduce signal dis-
tortion by ambient or background noise or interference from other speakers [1]. In this context and specifically
for humanoïd robots, self-created noise, so-called ego-noise, plays a severe role. It results from rotating joints
as well as the moving parts of the robot’s body and usually seriously corrupts the robot’s recordings. There-
fore, appropriate ego-noise reduction mechanisms are required. This task is particularly challenging since the
microphones of the robot are mounted very close to the motors and joints, which results in ego-noise that is
often louder than the signal of interest. Moreover, ego-noise is non-stationary as the robot moves with varying
speed and accelerations, which further complicates the removal from the recording. However, ego-noise exhbits
a pronounced spectral structure, which can be learnt.
So far, a variety of methods to remove ego-noise from recordings has been proposed. Beside approaches which
employ an internal microphone to record a reference signal for ego-noise reduction [2, 3], there are many
approaches that use pre-learnt ego-noise templates from which the most suitable can be chosen to reduce the
ego-noise in the recording. Based on the assumption that a certain movement leads to a similar ego-noise
pattern, motor data collected by proprioceptors mounted to the joints of the robot can be used to identify
matching templates within a database [4, 5, 6, 7, 8].
Other approaches are based on dictionary learning where the spectral characteristics of ego-noise are modelled
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Figure 1. Illustration of DC. Each time-frequency bin of the spectrogram XXX (left) is mapped to a D-dimensional
embedding domain (center), where the embeddings belonging to the same source form clusters (right).

by a combination of a limited number of prototype signals stored in a dictionary. A prominent single-channel
dictionary learning approach is nonnegative matrix factorization (NMF) [9], which was successfully applied
to reduce ego-noise for single- [10] and multichannel recordings [11]. An alternative multichannel dictionary
approach has been presented in [12] which was combined with motor data of the robot in [13, 14].
In this paper, we investigate Deep Clustering (DC) [15], a neural network-based approach originally proposed
for source separation, for ego-noise suppression. We first introduce DC as a general framework for source sep-
aration (Sec. 2.1), followed by describing the resulting modifications if DC is applied for ego-noise suppression
(Sec. 2.2). In Sec. 3, we demonstrate that DC is an appropriate method for this task and show that the model
complexity can be reduced significantly.

2 DEEP CLUSTERING
2.1 General description
DC as introduced by Hershey et al. in 2016 [15] is a deep learning-based source separation technique, which
identifies the dominant source in each time-frequency bin of the input mixture. This knowledge can be trans-
ferred into a binary mask, which can be used to separate the sources in the time-frequency domain. The
fundamental assumption for DC is that the signal components of the input mixture have to be strictly separable
in the time-frequency domain, i.e., each bin is dominated by exactly one source. This property is referred to as
W-disjoint orthogonality [16].
We consider a discrete-time single-channel mixture at time instant k comprising C sources

x[k] = x1[k]+ · · ·+ xC[k], (1)

which shall be separated from each other.
During preprocessing, x[k] is transformed into its spectrogram representation XXX ∈ RF×T

≥0 with F frequency bins
and T time bins by computing the logarithmic magnitude of its Short-Time Fourier Transform. For further
processing, XXX is divided into short, half-overlapping sequences of size F×Tin. The fundamental idea of DC is
to represent each time-frequency bin X f t by a D-dimensional embedding

vvv f t = f (X f t) ∈ RD with
∣∣vvv f t

∣∣2 = 1, (2)

where f (·) denotes the mapping function (cf. Fig. 1). D denotes the dimension of the embedding space and is
typically chosen significantly greater than 1.

Furthermore, each X f t is associated with a one-hot vector yyy f t =
[
y f t,1, . . . ,y f t,C

]T with y f t,c ∈ {0,1}, c= 1, . . . ,C,
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where y f t,c = 1 if X f t belongs to source c and y f t,c = 0 otherwise. As a consequence we have yyyT
f tyyy f ′t ′ = 1 if

and only if X f t and X f ′t ′ belong to the same source.
The objective of DC is to find a mapping function f (·) which maximizes the affinity vvvT

f tvvv f ′t ′ between two
embedding vectors vvv f t and vvv f ′t ′ if both represent the same source. Analogously, the difference between vvvT

f tvvv f ′t ′

and yyyT
f tyyy f ′t ′ can be minimized leading to the cost function

CYYY (VVV ) = ∑
f ,t, f ′,t ′

(vvvT
f tvvv f ′t ′ − yyyT

f tyyy f ′t ′)
2 = ‖VVVVVV T −YYYYYY T‖2

F , (3)

where YYY = [yyy11, . . . ,yyyFT ]
T is a binary matrix of dimension FT ×C and VVV = [vvv11, . . . ,vvvFT ]

T ∈ RFT×D.
For a mapping minimizing Eq. 3, embedding vectors associated to the same source form unique clusters in VVV .
This is exemplarily shown in Fig. 1 (right).
The mapping f (·) is found by training a deep neural network, which consists of two bi-directional long short-
term memory (BLSTM) layers, a linear layer and a normalization layer. BLSTMs evolved from the long short-
term memory (LSTM) implementation [17] of recurrent neural networks, which are widely employed for time-
series processing. A good overview can be found in [18]. BLSTMs process the input series in both directions,
i.e., from sample 1 to sample Tin and vice versa. In the case of DC, the network is therefore able to take the
entire context of an input sample into account. The subsequent linear layer reshapes the output of the BLSTM
to the required dimensionality of the embeddings. Finally, the normalization layer ensures that the embeddings
are of unit-norm, cf. Eq. 2.
During testing, every time-frequency bin of a previously unseen mixture is processed by the neural network and
the resulting embeddings are subsequently clustered using an appropriate algorithm, e.g., K-means [19]. The
clustering algorithm can be initialized with suitable cluster centers based on the training data, which allow to
associate each cluster, and hence each bin within that cluster, to one of the C sources. This can be repre-
sented by a binary mask MMMc of dimension F×T which is 1 for each time-frequency bin that was identified as
belonging to source c.
Finally, an estimate for the c-th source is given by

X̂XXc = MMMc�XXX (4)

where � denotes point-wise multiplication. Fig. 2 summarizes the DC algorithm. The estimated spectrogram
X̂XXc is then transformed back into the time domain to give an estimate of the clean source signal x̂c.
A challenge in source separation is the so-called permutation problem, which describes the issue of associating
the estimated sequences with the sources. This can exemplarily be addressed by defining and evaluating a cost
function for each possible source permutation, e.g., [20]. The cost function yielding the smallest loss indicates
the estimated source ordering. However, this approach is computationally expensive since several cost functions
need to be evaluated. In DC, the permutation problem is implicitly avoided by including the ordering decision
in the clustering step through the initialization of the cluster centers.

2.2 DC for ego-noise suppression
For the specific problem of ego-noise suppression, C should intuitively be chosen to 2 as the considered mixture
comprises a desired speech signal component and the interfering ego-noise component. However, there may be
bins containing neither ego-noise nor speech, which we refer to as silence bins. Therefore, we propose to use
a third class, i.e., C = 3.
Since ego-noise exhibits broadband characteristics, it overlaps with speech in the spectral domain such that the
W-disjoint orthogonality assumption is violated. Therefore, separating ego-noise and speech can be assumed
to be challenging. On the other hand, ego-noise exhibits pronounced spectral structure of limited complexity.
Consequently, the main focus of the experimental study next to the proof of concept will lie on evaluating the
required model complexity, e.g., the embedding size D and the network architecture.
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Figure 2. Detailed chart of the Deep Clustering framework.

3 EXPERIMENTS
In the following, we present our experiments with DC for ego-noise suppression. This includes the data prepa-
ration (Sec. 3.1), the changes to the standard DC setup for our experiments (Sec. 3.2) and the quality measures
we used for performance assessment (Sec. 3.3). Finally, we discuss the results in Sec. 3.4.

3.1 Data
For our experiments, we separately recorded 15 min of ego-noise and speech with a NAO™ H25 humanoid
robot. We recorded ego-noise of a waving movement of the right arm, including all six joints of that arm.
The speech signal was played back by a loudspeaker positioned at 1 m distance from the robot at a height of
1 m, which played 500 utterances from the GRID corpus [21]. The GRID corpus is a multi-talker database,
consisting of short utterances (“place blue at F 9 now”). 11 min are used for training of the neural network and
2 min each for validation and testing. The validation data is used to adjust the hyperparameters of the network
and the test data is used to evaluate the performance of the final DC setup.
To construct yyy f t , each bin is assigned to speech or ego-noise by comparing the respective energy levels of both
components. If its magnitude (energy) is below a certain threshold, the bin is defined as representing silence.
The threshold is set to −40 dB of the maximum magnitude of the input. Experimental evaluation revealed that
the introduction of the third class simplifies the training of the network and the clustering process, however for
the reconstruction of the time-domain signal we merge the speech and the silence class.

3.2 Network architecture
Regarding the neural network, we make two major changes compared to [15]: we omit an additional sigmoid
layer before the normalization and we use the more sophisticated Adam optimizer [22] instead of the nor-
mal stochastic gradient descent optimizer [23]. Both changes are due to experimental results showing that the
original choices do not perform well for our version of DC.
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Table 1. Performance of different network configurations. The learning rate for all networks was 1.51 × 10−3.
tanh activation was used for all hidden units. The testing input mixture had an SDR and SIR of
−5.63(±1.14) dB.

Configuration Training time Training Training Validation SDR SIR
# nhidden D h:min steps cost ×106 accuracy in % in dB in dB

1 600 40 1:24 2001 9.5 96.64 88.40 5.48(±2.19) 17.79(±3.65)

2 100 40 4:33 9775 14.7 92.41 89.30 5.32(±2.56) 17.07(±4.34)
3 200 40 1:57 4705 12.9 94.42 89.80 5.31(±2.63) 16.44(±4.84)
4 300 40 1:19 3301 11.7 95.26 89.25 5.24(±2.51) 16.90(±4.38)
5 400 40 1:17 2625 10.9 95.75 88.75 5.40(±2.40) 17.62(±4.15)
6 500 40 1:19 2209 10.8 95.88 88.67 5.48(±2.36) 17.39(±4.06)
7 700 40 1:13 2625 8.9 96.95 88.45 5.17(±2.61) 17.03(±4.52)

8 600 5 1:10 2209 10.5 95.97 89.57 5.42(±2.25) 16.84(±4.12)
9 600 10 - 2053 9.6 96.55 89.34 5.23(±2.50) 16.71(±4.62)
10 600 20 1:12 2001 9.5 96.47 88.88 5.39(±2.29) 17.27(±3.70)
11 600 30 1:17 2001 9.4 96.66 88.70 5.51(±2.44) 17.54(±4.35)
12 600 50 1:57 2573 9.8 96.56 88.60 5.44(±2.41) 17.41(±3.97)

13 200 5 1:32 5966 13.8 94.04 89.98 5.07(±2.75) 15.73(±4.77)
14 300 5 0:51 3467 13.4 94.48 89.96 5.14(±2.65) 16.09(±4.73)
15 700 30 2:16 1754 9.0 97.02 88.09 5.28(±2.52) 17.29(±4.29)

3.3 Quality measures
To quantify the overall performance of DC, we provide the accuracy of the clustering, which is given by the
percentage of bins that have been associated correctly with the dominant source. The clustering accuracy can
be computed based on the training data or the validation data. As DC should work on previously unseen
data, the validation accuracy is the more important one. We furthermore measure the performance of ego-noise
suppression in terms of the Signal-to-Distortion Ratio (SDR) and the Signal-to-Interference Ratio (SIR) of the
estimated time-domain speech signals [24] of the test data. While SIR measures the overall noise suppression,
SDR also incorporates information on the distortion of the desired speech signal by the suppression algorithm.
SDR and SIR are averaged over all noisy utterances, i.e., we excluded utterances that did not contain ego-noise.
Beside the mean, we compute the standard deviation of SDR and SIR. Lastly, we provide the final training cost,
which is given by the value of the cost function based on training data after the optimization is completed. All
of these measures are listed in Table 1 together with the respective values for various network configurations.
They will be explained in more detail in Sec. 3.4.

3.4 Discussion
We first give a proof-of-concept of our proposed method and show that DC can be employed for ego-noise
suppression. For this, we adopted the parameter settings and network architecture from [15], except for the
learning rate, which governs the speed of the gradient descent of the optimizer. It was chosen empirically as
1.51× 10−3. The baseline results are given in Table 1, Configuration (Config.) 1. It can be seen that this
baseline DC setup achieves an increase of more than 11 dB in SDR and of more than 23 dB in SIR. The
validation accuracy is already rather high with 88.40%. This indicates that DC is very well able to discriminate
ego-noise from speech.
It can be expected that the hyperparameters are not yet ideal since we consider a different application than
[15]. The most crucial parameter changes regarding the model complexity compared to the original proposal

2817



Figure 3. Spectrogram of an example mixture of ego-noise and speech (top). Oracle assignment (center) of each
time-frequency bin to ego-noise (green), speech (orange) and silence (black), cf. Sec. 2.2. DC-based estimation
of assignments (bottom).

in [15] concern the dimensionality of the embeddings D and the number of hidden units nhidden in the two
BLSTM layers. To determine the most suitable value, we varied both parameters independently, starting from
the values given in [15], and chose the values that led to the best results. We did not adapt the learning rate
to the modified network setups. Table 1 summarizes the training and validation results for several network
configurations (Config. 2-15). The training cost mostly correlates with the clustering accuracy for the training
data. Note that the initial training cost of the network after the first optimization step was around 70×106 for
all of our configurations and that training achieved a significant reduction of the cost.
Interestingly, an increase of the validation accuracy can be observed when the number of hidden units is de-
creased. However, this also leads to an increase in training time, which could have various reasons. Possibly
the network complexity with nhidden = 100 is too low to accommodate all changes in the training data or the
learning rate, which was initially optimized for a network with nhidden = 600, could be disadvantageous for
the training of a network with less parameters. Nevertheless, the best validation accuracy was achieved for
nhidden = 200 (Config. 3). For nhidden = 300 (Config. 4) the validation accuracy decreases by 0.5% compared to
the accuracy achieved with Config. 3, but training could be accelerated by more than 25%. When decreasing
the dimensionality of the embedding, the validation accuracy increases slightly and the training time decreases.
Hence, from a validation accuracy perspective, hyperparameter settings of D = 5 and nhidden = 200 would be
the best choice. When the training time is also taken into account, nhidden = 300 is a good compromise. The
combined impact of the two parameters was tested in Config. 13 and 14, where Config. 14 requires a drasti-
cally shorter training time. A detailed listing of all parameters of this network can be found in Table 2. As
an example, Fig. 3 shows a test mixture, the ideal mask for source separation and the mask estimated by a
network using Config. 14.
For Config. 15 the hyperparameter setting was chosen based on the configurations that perform best with respect
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Table 2. Parameter settings for Config. 14.

Parameter Value

learning rate 0.00151
number of BLSTM layers 2
hidden units activation tanh
number of time frames in input sequence Tin 100
number of hidden units nhidden 300
embedding size D 5

to the training accuracy, i.e., D = 30 and nhidden = 700. This configuration performs very well in terms of
training accuracy but worse than the baseline in terms of validation accuracy.
SDR and SIR for the test data do not correlate with the validation accuracy. This is surprising because a higher
validation accuracy should indicate a better separation of ego-noise and speech on unseen data, which should
be reflected by a higher SDR and SIR also for the test data. This may be due to the violated W-disjoint
orthogonality assumption (cf. Sec. 2.2). This phenomenon requires further investigation.
In summary, the evaluation shows that a reduction of the embedding size from D = 40 to D = 5 and a reduction
of the number of hidden units in the BLSTM layer from nhidden = 600 to nhidden = 300 is possible without a
significant loss in performance. The validation accuracy even increases by over 1.5%. By using less parameters,
training time could be decreased by 40%.

4 CONCLUSION
We could show that DC, which was originally proposed for separation of two human speakers, is also applicable
for ego-noise suppression in robot audition. The model complexity can be reduced drastically compared to [15].
Further work will include a more extensive testing of DC for ego-noise of additional movements of the robot.
Beside this, alternative reconstruction methods, e.g., using continuous masks, must be investigated to minimize
the signal distortion caused by the violation of the W-disjoint orthogonality.
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ABSTRACT 
Acoustic scene classification is the problem of recognition of sound around our living area. Since people 
recognize the situation through sound when they can’t see, it is very natural that acoustical approach is being 
made in research that awareness of environment. In this field, research using deep learning method such as 
CNN is widely used recently. However, this method has the disadvantage that the lower the number of data, 
the lower the performance. So, in this paper, data augmentation considering acoustical approach-the transfer 
function of the room-was performed to obtain enough number of data for each classes. To verify this method, 
we used dataset from DCASE 2018 challenge, which is acoustic scene classification competition. Our 
augmentation method improved overall f1-score by 0.1 from the state-of-art performance.  
 
Keywords: Acoustic Scene Classification, Data Augmentation, Machine Learning 
 

1. INTRODUCTION 
Acoustic Scene Classification (ASC) is field of recognize sound events in user environment sounds.  

It has been actively studied to be used as an acoustic sensors like sensors of other domains in order to 
applied to areas such as context aware computing(1).  

Currently, a machine learning based approach is mainly used to deal with this field. Since machine 
learning requires a large amount of data to develop optimized model, numerous training data which 
is related with target data is needed. However, collecting a sufficient number of labeled data is 
difficult because collecting data is a costly and time-consuming process. Therefore, data 
augmentation technique which use computing power to make artificial data is being used in process 
of training model of machine learning. 

The most commonly used techniques for data augmentation are adding noise(2), time shifting(3) 
and mix and shuffle(4). Although this traditional methods contributes to improving the performance 
of the model, it is more intuitive whether than the acoustical approach. So far, data augmentation 
considering acoustical approach have been studied, but they mainly focused on speech recognition 
problem(5). 

In this study, data augmentation considering acoustical approach-the transfer function of the 
room-was performed to obtain enough number of data for training model in ASC. The sound which is 
captured from acoustic sensors has transformed through the room transfer function. For that reason, we 
produced data that has different room transfer function by multiplying Mel-spectrogram of sound 
source to random number that has Gaussian distribution.  

2. PROBLEM DESCRIPTION 

2.1 Acoustic scene classification  
The goal of this field is to collect sound from acoustic devices such as microphone and classify 

sound event through the classifier, as shown in Figure 1.  

                                                        
1 kmh7576@naver.com 
2 sjlee6@knu.ac.kr 
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Figure 1 Conceptual overview of the ASC 

2.2 Approaches 
Currently, approaches to solving this problem are mainly using machine learning.  The train and 

evaluation dataset train the model and uses weights determined to predict unknown signals. Figure 2 
shows the overall process of machine learning.  

 

 
Figure 2 Machine learning process 

In this process, the part that determines the performance of the model is roughly the relevance 
between the data to be trained and the data to be predicted, the feature selection, and the structure of 
the model. We will focus on data relevance. 

As mentioned in introduction, data augmentation methods using given data are mainly used. In 
terms of data relevance, the data which has similarity with data to predict is required. For that 
purpose, we used data augmentation technique to increase the number of data in a fewer labels.  
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3. DATA AUGMENTAION 
As shown in Figure 3, we hear the sound from the sound source through the room transfer function.   

 

 
Figure 3 Sound transmission path 

The above situation can be expressed by  

 (1) 

where  is sound source,  is room transfer function and  is sound signal captured by 
acoustic sensors. By applying Fourier transform, eq. (1) can be easily represented in frequency 
domain:  

 (2) 

We can assume that same sound source x(t) has room transfer function  which is different 
from  then signal captured by acoustic sensor will be . With Fourier transformation we 
can express: 

 (3) 

Therefore by dividing eq. (2) with eq. (3) we can get: 

 (4) 

In the frequency domain as shown in eq. (4), the unknown signal  can be obtained by dividing 
 by . Here we assumed that this value ( ) is a random number with a Gaussian 

distribution. 
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4. EXPERIMENTS 

 

Data augmentation was tested in DCASE 2018 Challenge Task5(6). Dataset is from SINS dataset(7) 
which is for detection of daily activities in a home environment using an acoustic sensor network.  
Figure 2 shows floorplan of the SINS dataset environment with sensor position.   

 
Figure 4 2D floorplan of the combined kitchen and living room with the used sensor nodes. 

The continuous recordings from sensor nodes were split into audio segment of 10 seconds. Each sensor 
node has 4 microphones.  

To predict signal, we built model by using machine learning as described in section 2.2. The 
experiments are carried out using the 4-fold cross validation setting in development dataset of 
DCASE 2018 Challenge. We applied data augmentation to each fold and utilized ADAM 
optimizer(8)with initial learning rate 0.0001 and a batch size of 128 samples. On training epoch, we 
chose network weight which is in the best accuracy on validation data.  

4.2 Feature extraction 
   The split audio segment was feature extracted using Mel-spectrogram. Specification of Mel feature 
is shown in table 1. 

Table 1 Mel Spectrogram Specification 
Number of Mel 40 
Number of FFT 1024 

Sample rate 16000 

4.3  

Data augmentation was applied to train dataset. Figure3 shows number  of data by label and the 
number of augmented data. 

 

 
Figure 5 Number of data and augmented data in train dataset 
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As can be seen in the figure 5, the data augmentation was applied to six labels with a small number of data.  

4.4 Model architecture 
To build our model, we applied same network architecture as the model of Inoue et al.(4). The 

network architecture and parameters are shown in Table 2. 
   

Table 2 Model architecture 
Layer Output size 
Input 40 × 501 × 1 

Conv(7 × 1, 64) + BN + ReLU 40 × 501 × 64 
Max pooling(4 × 1) + Dropout(0.2) 10 × 501 × 64 
Conv(10 × 1, 128) + BN + ReLU 1 × 501 × 128 
Conv(1 × 7, 256) + BN + ReLU 1 × 501 × 256 

Global max pooling + Dropout(0.5) 256 
Dense 128 

Softmax output 9 

4.5 EXPERIMENTAL RESULTS 
Figure 4 shows F1 scores on each label and overall compared with traditional data augmentation 

method. 
 

 
Figure 6 F1 scores on each label 

As shown in figure 6, data augmentation using room transfer function enhanced accuracy of the 
model. The overall F1 score in proposed method is 0.91 while classical method is 0.9.  In particular, 
we can see that the proposed method effectively improves the F1 score of the  label with a relatively 
large number of data like 'dish washing', 'eating', 'other' and 'social activity'. We can see that the 
f1-score of the working label is slightly lowered, which can be thought of as performance deviation 
due to model learning.  

5. CONCLUSIONS 
In this paper, we considered improving ASC performance with using machine learning technique. 

Specifically, we took advantage of the fact that machine learning requires large amounts of data to 
achieve a certain level of performance. From this point of view, we proposed data augmentation 
method with considering room transfer function. To confirm the performance, we utilized DCASE 
2018 Challenge Task5. The result of experiment shows that our method enhanced machine learning 
performance particularly in labels which are lower number of data than others.  
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ABSTRACT
Over the past years, deep neural networks (DNNs) have quickly grown into the state-of-the-art technology
for various machine learning tasks such as image and speech recognition or natural language processing.
However, as DNN-based applications typically require significant amounts of computation, running DNNs
on resource-constrained devices still constitutes a challenge, especially for real-time applications such as
low-latency audio processing. In this paper, we aimed to perform real-time noise suppression on a low-cost
embedded platform with limited resources, using a pre-trained DNN-based speech enhancement model. A
portable setup was employed, consisting of a Raspberry Pi 3 Model B+ fitted with a soundcard and head-
phones. A (basic) low-latency Python framework was developed to accommodate an audio processing al-
gorithm operating in a real-time environment. Various layouts and trainable parameters of the DNN-based
model as well as different processing time intervals (from 64 up to 8 ms) were tested and compared using
objective metrics (e.g. PESQ, segSNR) to achieve the best possible trade-off between noise suppression
performance and audio latency. We show that 10-layer DNNs with up to 350,000 trainable parameters can
successfully be implemented on the Raspberry Pi 3 Model B+ and yield latencies below 16-ms for real-time
audio applications.

Keywords: Real-time, Audio processing, Low-latency, Deep Neural Networks, Raspberry Pi

1 INTRODUCTION
Speech enhancement aims to improve the quality and intelligibility of speech by suppressing adverse compo-
nents such as background noise or room reverberation. This enhancement has numerous applications, includ-
ing the improvement of mobile communications, speech recognition and speaker identification systems [1, 2].
At the same time, speech enhancement techniques have been adopted by hearing aids and cochlear implants
and are used together with gain prescription strategies to reduce discomfort and increase intelligibility [3].
Numerous noise suppression approaches have been proposed over the past years [4] such as spectral subtrac-
tion [5, 6], Wiener filtering [7] or even psychoacoustically-based methods [8]. However, deep neural network
(DNN) based approaches have quickly grown into the state-of-the-art technology due to their ability to learn
complex functions from large example sets. These novel systems have been shown to outperform most of the
conventional approaches [9, 10], but many DNN approaches are still based on time-frequency (T-F) mask-
ing for speech enhancement. A T-F mask is typically estimated, using short-time Fourier analysis/synthesis
framework, which provides the amount of noise present in each short time-frequency point. This approach
only modifies the magnitude spectrogram of the signal and ignores the phase mismatch between the noisy
and clean speech signals.
However, preserving the phase of the speech signal has been shown to be important for speech quality
[11]. For this reason, this paper focuses on a speech enhancement method which both preserves the signal
phase and is DNN-based. To this end, we adopt the use of DNN-based auto-encoder speech enhancement
systems which can directly map the raw noisy speech waveform to the underlying clean speech waveform.
In contrast to most of the current techniques, the auto-encoder systems operate at the waveform level of the
signal, training the model end-to-end. Recently, these architectures have been widely adopted in DNN-based
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models and have shown remarkable performance in speech enhancement applications [12, 13], while being
simple enough in terms of computation. This mak es them perfectly suitable for implementations in devices
with limited resources.
This paper presents a portable low-cost platform for real-time audio processing, which provides a low-latency
audio environment suitable for real-time signal processing algorithms. Different DNN layouts are imple-
mented and evaluated, to study to what extend real-time speech enhancement can be performed on a device
with limited resources. The ultimate goal is to design a platform where DNN-based systems can be tested
in realistic scenarios, while yielding latencies below 10 ms for real-time audio applications such as hearing
aids.

2 REAL-TIME SPEECH ENHANCEMENT USING DEEP NEURAL NETWORKS
2.1 Auto-encoder convolutional neural networks

Figure 1. Encoder-decoder architecture for
speech-enhancement DNN-based models. The ar-
rows between encoder and decoder blocks repre-
sent skip connections, which pass the necessary
information to the respective latent layers.

The enhancement problem comprises the processing of a
noisy signal y to yield an estimation of the original clean
speech signal x. We propose the use of auto-encoder
convolutional neural networks (AECNN) to perform this
speech enhancement. These models utilize an encoder-
decoder architecture (Figure 1). The input is a frame of
the noisy speech signal y and the output is the enhanced
signal x̂ = G(y).
In the encoding stage Genc, the input signal is projected
and compressed, to yield a convolution result out of ev-
ery N steps of the filter. Decimation is applied until a
condensed representation yc = Genc(y) is obtained. The G
network also features skip connections, connecting each
encoding layer to its respective decoding layer, to avoid
the loss of many low level details through the encoder
compression. Skip connections directly pass the fine-
grained information of the waveform to each decoding
stage (e.g. phase, alignment) to reconstruct the speech
waveform properly. G is composed of one-dimensional
strided convolutional layers of a fixed filter width w and
strides of N = 2. The amount of filters per layer increases
so that the depth gets larger as the width (signal samples
Li) becomes narrower. The resulting dimensions per layer
(samples × feature maps) are computed for each kernel
dimension by decreasing the signal width of the previous
layer Li−1 to half and applying a set of ki filters on top.
The decoder stage of G is a mirroring of the encoder with
the same filter widths number of filters per layer. How-
ever, skip connections make the number of feature maps
in every layer to be doubled.
All the layers of the encoder and decoder networks are trained end-to-end, so that all processing steps are
performed at the waveform level of the signal. The G network is designed to be simple enough, using only
fully convolutional layers. This enforces the network to train focusing on temporally-close correlations in the
input signal. Furthermore, it reduces the number of trainable parameters and hence the execution time.

2.2 Real-time framework and low-resource platform
For the development of the real-time audio processing platform a portable setup was employed, consisting of
a Raspberry Pi 3 Model B+. The Raspberry Pi 3 Model B+ is equipped with a Broadcom BCM2837B0 quad-
core A53 (ARMv8) 64-bit SoC @ 1.4GHz, a Broadcom Videocore-IV GPU and 1GB LPDDR2 SDRAM. A
HAT low-latency soundcard and earphones with a microphone were connected to the Raspberry Pi.
A low-latency framework was designed to accommodate audio processing algorithms operating in a real-time
environment. Python was used as the programming environment, since it offers a straightforward interface
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for hosting DNN-based models. JACK Audio Connection Kit (JACK)1 was chosen as the audio server, due
to its capability to provide real-time audio with up to 2 ms latency. The JACK-Client module2 was used to
properly bind the JACK library to the Python environment. The developed Python framework is available on
GitHub3.
The framework was designed to support overlapping windows for audio input processing and can use frame
buffering to provide the necessary temporal context (resolution) while keeping the latency short. The benefit
of this design is that, given a DNN-based model with a fixed input/output frame size, smaller frames can be
used for the audio server (for instance 1

2 or 1
4 of the model’s frame size) to produce an output at a shorter

time. Of course, this requires a model which is capable of processing the input within this shorter time
period.
Since considerable resources are required for the training of such systems, the training procedure was per-
formed on a powerful GPU machine. Next, the pre-trained AECNN speech enhancement models were im-
plemented in the developed framework and executed in real-time on the CPU of the Raspberry Pi to perform
real-time speech enhancement on the audio input.

3 EVALUATION
We used the dataset presented by Valentini et al. [14] to evaluate and compare the various systems. The
database is derived from the Voice Bank corpus [15], from which recordings from 28 speakers were chosen
for the training set (11572 utterances) and 2 for the test set (824 utterances). The training set simulates 40
different noisy scenarios with 10 different noise conditions (2 artificial and 8 from the DEMAND database
[16]) at signal-to-noise ratios (SNRs) of 0, 5, 10 and 15 dB. The test set was created using 5 noise conditions
from the DEMAND database (different from the training noise conditions) added at SNRs 2.5, 7.5, 12.5 and
17.5 dB. In our case, all the utterances were downsampled from 48 kHz to 16 kHz. The models were
trained using the Adam optimizer [17] for 40 epochs with a learning rate of 0.0002, using a batch-size of
100. The L1 distance between the generated samples x̂ and the clean examples x was used as the penalty,
i.e. L1loss = ∑

n
i=1 ||x̂−x||1. The speech signals were windowed using sliding windows of various lengths with

50% overlap.
Frontend comparison: The models were developed based on [18] and implemented in Keras [19] using
Tensorflow [20] as the backend. For each trained layout, we evaluated the speech enhancement performance
and execution time on the portable platform using Keras as the frontend. Using Tensorflow, these Keras
implementations were then converted in a Protocol Buffer (protobuf) representation and the corresponding
graphs, together with their respective weights, were saved in a binary format (.pb). The converted models
were afterwards evaluated using Tensorflow as the frontend. This step tests whether the type of frontend
impacts the execution time.
Speech enhancement evaluation: The speech enhancement performance was evaluated using the perceptual
evaluation of speech quality metric (PESQ) [21], measured in terms of mean opinion score (MOS), and the
segmental SNR (segSNR). Higher values of these metrics indicate better performance. For the test set used,
the enhanced signals were evaluated for each different combination of overlap and frame buffering supported
by our framework (namely 0% and 50% overlap as well as 0%, 50% and 75% frame buffering).
Execution time: We measured the execution times of the various layouts on the Raspberry Pi for different
frame buffering and overlapping percentages. The execution time corresponds to the time required for the
inference of each model as well the pre-processing of the input frame and the post-processing of the output
frame, respectively. This includes the necessary operations for the required buffering of frames and imple-
mentation of overlap. As in the case of speech enhancement evaluation, we measured the execution time for
each different combination of overlap and frame buffering (i.e. 0% and 50% overlap and 0%, 50% and 75%
frame buffering). The total processing time was measured for each frame on the Raspberry Pi in terms of
milliseconds. For statistical validation the reported time corresponds to the average over 10 runs.
Computational complexity: We measure the computational cost of each layout using the total amount of
floating-point operations (FLOPs) and trainable parameters. The complexity of each architecture was com-
puted using Tensorflow.
Architectures: Four input / output layer sizes L were used: 1024, 512, 256 and 128 samples, corresponding
to 64, 32, 16 and 8 ms resolution respectively for a sampling rate of 16 kHz. For each layer size, dif-
ferent combinations of kernel widths and filter lengths were used, resulting in varying amounts of trainable

1https://github.com/jackaudio/jack2
2https://github.com/spatialaudio/jackclient-python
3https://github.com/HearingTechnology/aecnn-rpi
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parameters. Several activations were also tested for each layer (i.e. tanh, ReLU, LeakyReLU [22], PReLU
[23], ELU [24]) and were compared in terms of speech enhancement performance and inference time. Ad-
ditionally, models were trained both with and without the inclusion of bias in the convolutional layers. The
architectures and the parameters of each trained model used are shown in Table 1. For simplicity, only the
encoder filter sizes are shown, but the mirrored version of the kernel is used for the shaping of the decoder,
resulting in twice the amount of layers. Starting with a number of samples L, the signal size Li gets halved
in each consecutive layer of the encoder.

Table 1. Used AECNN architectures. L corresponds to the input/output frame size of each architecture in
samples, the kernel contains the number of filters ki (feature maps) applied in each convolutional layer of
the encoder and w is the filter width used in each case. The use (or not) of bias is also denoted in the table
with a 1 or a 0 respectively. The total number of parameters is shown for each model and the number of
million floating-point operations (G-FLOPs).

Name L Kernel w Bias Activation Parameters G-FLOPs
AECNN1024,1 1024 [128,64,64,32,32,16,16] 31 1 PReLU 3,876,193 19.38
AECNN1024,2 1024 [128,64,64,32,32,16,16] 15 1 PReLU 1,944,673 9.72
AECNN1024,3 1024 [128,64,64,32,32,16,16] 15 0 PReLU 1,942,928 9.71
AECNN1024,4 1024 [128,64,64,32,32,16,16] 15 0 LeakyReLU 1,810,819 9.05
AECNN1024,5 1024 [64,32,16,16,8] 15 0 LeakyReLU 306,375 1.53
AECNN512,1 512 [64,32,32,32,16,16] 15 0 LeakyReLU 566,657 2.83
AECNN512,2 512 [64,32,32,16,16,16] 15 0 PReLU 516,748 2.58
AECNN512,3 512 [64,32,32,16,16,8] 15 1 PReLU 500,347 2.50
AECNN512,4 512 [64,32,32,16,16,8] 15 0 PReLU 486,100 2.43
AECNN512,5 512 [64,32,32,16,16,8] 11 0 PReLU 367,540 1.84
AECNN512,6 512 [32,16,16,8,8] 15 0 PReLU 136,848 0.68
AECNN256,1 256 [32,32,16,16,16] 15 0 PReLU 257,928 1.29
AECNN256,2 256 [32,32,16,16,16] 15 0 LeakyReLU 232,575 1.16
AECNN256,3 256 [32,32,16,16,16] 15 0 ELU 232,575 1.16
AECNN256,4 256 [32,32,16,16,16] 15 0 ReLU 232,575 1.16
AECNN256,5 256 [32,32,16,16,16] 15 0 tanh 232,575 1.16
AECNN256,6 256 [32,32,16,16,16] 11 0 PReLU 195,912 0.98
AECNN256,7 256 [32,32,16,16,8] 21 1 LeakyReLU 300,436 1.50
AECNN256,8 256 [32,32,16,16,8] 15 1 LeakyReLU 214,756 1.07
AECNN256,9 256 [32,32,16,16,8] 15 0 PReLU 233,424 1.17
AECNN256,10 256 [32,32,16,16,8] 15 0 LeakyReLU 214,215 1.07
AECNN128,1 128 [32,32,16,16,16] 21 1 LeakyReLU 326,188 1.63
AECNN128,2 128 [32,32,16,16,8] 15 1 LeakyReLU 214,756 1.07
AECNN128,3 128 [32,32,16,16,8] 15 0 ELU 214,215 1.07
AECNN128,4 128 [32,16,16,8] 15 0 PReLU 107,468 0.54

No pre-emphasis filter was applied to the input samples, because the de-emphasis filtering was found to
significantly increase the execution time on the Raspberry Pi. On the other hand, we trained some models
using a [-0.95, 1] impulse response pre-emphasis filter, which was applied to the frames of the training set
data. This way, we could test whether efficient noise suppression would be performed without applying pre-
emphasis to the audio input of the Raspberry Pi (and de-emphasis respectively), considering the fact that a
pre-emphasis filtering is sometimes introduced by the DAC of the hardware (e.g. soundcard). However, the
performance of the models without pre-emphasis filtering was poor and therefore is not reported here.
Floating-point precision: Single-precision floating-point format (32-bit) was used both for the audio server
and for the speech enhancement models. Lowering the floating-point precision (e.g. 16-bit) was not found to
decrease the execution time. Instead, more time was required to execute the same architecture on the CPU of
the Raspberry Pi with decreased precision. The reason is that 16-bit floating-point numbers are not supported
by CPUs directly. Therefore, these operations need to be emulated, which causes this comparatively slow
performance. On the other hand, GPUs can support half-precision arithmetic natively and such conversion can
significantly decrease the execution time. Since all the inference is performed on the CPU of the Raspberry
Pi, there was no benefit in lowering the floating-point format.
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Figure 2. Achieved execution time for each frontend (a) and speech enhancement performance for each
model with and without overlap between frames (b,c). Higher values of the objective metrics PESQ and
segSNR indicate better performance. The results shown are without the use of frame buffering.

4 RESULTS
The results for each trained model in terms of execution time and speech enhancement performance are
shown in Figure 2.
Frontend comparison: Figure 2(a) shows that almost every model is executed faster using Tensorflow as the
frontend. Tensorflow inference was found to be about 6.5% faster than Keras on average, providing up to 4
ms improvement in large models. The speech enhancement performance of the Keras and Tensorflow models
was almost identical and is not reported here.
Model parameters: The most efficient activation layers were found to be ELU, PReLU and LeakyReLU,
both in terms of performance and in terms of execution time. Considering speech enhancement perfor-
mance, ELU was the best choice, but it was rather slow compared to PReLU and LeakyReLU. PReLU and
LeakyReLU yielded similar noise suppression performance, but the former introduced more parameters and
floating-points operations compared to the rest of the activation layers. This made PReLU a bit slower, es-
pecially for large models and Keras implementations, but its use speeded up the execution of small models
in Keras.
Apart from tanh and ReLU, the rest of the activation layers were comparable to each other with subtle
differences between them. Considering both factors, PReLU and LeakyReLU were found to give the best
trade-off between evaluated performance and execution time, with LeakyReLU being clearly the best choice
for models with more than 500,000 trainable parameters and PReLU being the best choice for small-sized
models implemented in Keras.
The inclusion of bias in the convolutional layers was found to significantly increase the inference times of
the models, introducing more trainable parameters and operations (FLOPs). A performance improvement
was apparent, but bias was not found to be helpful enough for small-sized AECNN models. Regarding the
selection of the filter width w, a length of 31 is generally preferred for convolutional speech enhancement
models [13, 18]. In our case, it resulted in significantly larger and slower models, without providing any
remarkable improvement in terms of speech enhancement performance. Instead, setting the filter length to
15, resulted in faster models with similar (sometimes even better) performance. Lowering the filter length
even further (for instance w= 11) was found to be beneficial in some cases, especially for small-sized models,
while increasing the filter length above 15 (e.g. 21) did not yield a substantial improvement.
Overlap: Figure 2 shows that higher performance is always achieved with the introduction of overlap be-
tween frames, especially in the case of a PESQ evaluation (Fig. 2(b)). Although overlap systematically
improves the noise suppression performance, it also requires that the processing of each frame is performed
within half of the initial time. This is a significant sacrifice to make but, in most cases, the use of a smaller-
sized model with overlapping windows resulted in a better performance compared to a model with more
layers and no overlap.
Performance vs learning power: DNN-based models are known to be inefficient in utilizing their full learn-
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Figure 3. Left: Performance density, Right: Performance vs performance density (in terms of PESQ and
segSNR). The performance density indicates how efficiently each model uses its parameters.

ing power, considered as the number of parameters with respect to the degrees of freedom. Inspired by
[25], we measured the performance density of each model, i.e. the performance of each architecture (in
terms of PESQ and segSNR) divided by the number of trainable parameters. The higher this value, the
higher the efficiency of the respective architecture. To compare these two performance ratios (PESQ/params
& segSNR/params) across the different architectures, we scaled each by its maximum (absolute) value. Fig-
ure 3(a) shows that the models that use their parameters most efficiently are AECNN512,6, AECNN256,6 and
AECNN128,4.
To evaluate the efficiency, we plot the performance density against the two performance metrics PESQ and
segSNR, which permits us to determine the desired trade-off. Figure 3(b) shows the AECNN256,6 is among
the most efficient models, while providing a high PESQ (left axis) as well as a high segSNR value (right
axis). Among the models with the highest performance, we can see that the AECNN512,3 and AECNN512,5
architectures use their parameters more efficiently. On the other hand, models such as AECNN256,5 failed to
make good use of their parameters while yielding a poor speech enhancement performance.
Latency comparison: Using our Python framework, we compared the AECNN models in real-time for three
different processing latencies: 32, 16 and 8 ms. For a sampling rate of 16 kHz, this corresponds to frame
sizes of 1024, 512 and 256 samples for the audio server (JACK). Based on their execution times, the models
that could cope with each required latency limitation were chosen. Table 2 shows the best AECNN model
setups for each case, based on their speech enhancement performance.

5 CONCLUSIONS
We introduced a real-time framework in Python, able to impelement DNN-based speech enhancement models
in real-time. Using this framework, we executed auto-encoder models on a low-resource platform to provide
an enhanced output with low latency. An important question raised throughout the study was the amount
of temporal context necessary to achieve efficient speech enhancement. Table 2 shows that, for low laten-
cies, models with an input of 256 samples provided the best performance. Although the temporal context
decreases, these models performed better than the small-sized models with 512 samples input. The use of
a smaller input seems to be beneficial in this case, providing more parameters to be trained. However, a
resolution of 128 samples for the input layer did not yield the same result, since such models achieved much
worse performance than what was achieved by models with larger inputs (Table 2, Figure 2). This shows
that efficient speech enhancement can be performed with less than 32ms temporal context (in our case 16
ms), but a drop of performance is apparent for a resolution of 8 ms.
Different architectures were necessary to achieve the desired processing latency in each case (Table 2). Using
our real-time framework, we found that the limitations in terms of number of parameters and kernel sizes
for our AECNN models were: up to 7.5 million parameters and 14 layers for 64 ms latency, up to 3 million
parameters and 14 layers for 32 ms latency, up to 900 thousand parameters and 12 layers for 16 ms latency
and up to 350 thousand parameters with 10 layers to achieve 8 ms latency. It should be mentioned here
that the theoretical latency of the processing algorithm is considered throughout this paper. This was done
to provide a lower limit for which the proposed speech enhancement models can be implemented. However,
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Table 2. The most efficient speech enhancement setups for three different latencies: 32, 16 and 8 ms. For
each model, we show the required buffering as a percentage of the original frame, the percentage of overlap
applied (if any), the resulting execution time and the speech enhancement performance results. The best
results obtained for each latency are highlighted in bold font.

Name Parameters Buffer Overlap Execution time PESQ segSNR
Unprocessed 1.9702 8.7735

64 ms latency
AECNN1024,1 3,876,193 0% 0% 42.3552 2.1769 15.1496
AECNN1024,2 1,944,673 0% 50% 27.4364 2.3778 15.5603
32 ms latency
AECNN1024,2 1,944,673 50% 0% 27.3441 2.2549 15.2189
AECNN512,1 566,657 0% 50% 14.8914 2.2561 14.4206
AECNN512,3 500,347 0% 50% 12.0943 2.241 14.5937

16 ms latency
AECNN1024,5 306,375 75% 0% 14.2758 1.9977 12.931
AECNN512,3 500,347 50% 0% 11.9878 2.138 14.197
AECNN512,5 367,540 50% 0% 8.9128 2.0846 14.3374
AECNN256,1 257,928 0% 50% 7.7154 2.1559 13.8087
AECNN256,3 232,575 0% 50% 7.9564 2.2127 13.0943
8 ms latency
AECNN512,6 136,848 75% 0% 7.2789 1.9513 12.3311
AECNN256,1 257,928 50% 0% 7.6383 2.0296 13.3161
AECNN256,3 232,575 50% 0% 7.9285 2.0953 12.4309
AECNN128,2 214,756 0% 0% 5.7714 1.9251 11.8959

the experienced (measured) latency is always higher than the theoretical one and depends on several factors
such as the audio server backend or the analog-digital and digital-analog converters of the sound card.
During our evaluation, we observed there was a high variability in the values of the execution time on the
Raspberry Pi. This depends on the computational load at a given time, where small variances can make a big
difference, as well as on the temperature of the hardware. We must also take into consideration the latency
added up by our Python framework, which was measured to be about 0.18 ms. In any case, a safe approach
is to work with models that do not easily reach the latency limitation in terms of execution time.
Lastly, audio drop-outs can easily occur in Python due to its global interpreter lock (GIL) or its garbage
collector. Because of this, Python is not the best choice for real-time processing. While being aware of this
limitation, we nevertheless used Python because of its ease of implementation and customisation for DNN
systems. We did not focus on achieving the fastest possible execution but rather aimed to develop an easy-
to-use framework where DNN-based speech enhancement methods can be implemented on a low-resource
platform and tested in real-time. To design faster and more reliable real-time audio processing applications,
the audio process function as well as the speech enhancement algorithm should be re-implemented in a
different programming language such as C or C++.
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ABSTRACT 

Air targets detection underwater is an important part of marine safety management. For the difference in 

the physical property of the water and air, there are many difficulties in the water to air sound detection. In 

this paper, we present a recognition system using both time and frequency domain characteristics for target 

detection. In the detection phase, a short-to-long-term energy ratio (SLR) was first obtained using the 

coupling acoustic data. This initial SLR indicates the possibility of target appearing. For signals exceeding 

SLR threshold, the cepstral coefficients are extracted by a 4-Gammatone filter with cochlea membrane 

ability. The validity of the algorithm is proved by a test adopting BP network with both synthetic and real 

data. The results indicating that joint detection algorithm can detect the low-altitude helicopter real-time 

and has a good anti-noise performance. 

 

Keywords: Target Detection, Air-to-water Coupling Signals, Dynamic Energy 

1. INTRODUCTION 

In the air and sea combat, the air platform has an asymmetry advantage to the underwater force . 

Usually, air targets in the execution of missions have the characteristics of low flight altitude, slow 

flight speed and occasional hovering. One area of interest is the detection of air targets using acoustic 

signals coupled from air to water. In response to this problem, early research mainly focused on the 

modeling of underwater acoustic filed, including computational models based on ray acoustics, wave 

theory and normal-mode theory (1-3). Some recent studies conducted by domestic scholars include: 

acoustic filed propagation of airborne source in shallow sea, technology of helicopter detection 

underwater and so on (4-7).   

The estimation of target flight distance is usually difficult when the target model is different and no 

enough stable environmental parameters. These disadvantages limit the experimental and engineering 

applications of water-to-air positioning algorithms. In this paper, we propose a detection algorithm 

based on signal energy and spectral characteristics that is weakly correlated with the calculation 

models, and generates a trigger signal to start the next accurate localization. 

Since the acoustic impedance of air and water differs by more than 4000 times, the sound 

intensity loss is about 20~30dB when sound propagates through the air-water interface. In addition, 

total reflection occurs when the incident angle to the water surface exceeds 12.7°, and the acoustic 

energy coupled into the water is mainly concentrated within a cone angle of about 25.4°  (7, 8). Based 

on this feature of sound propagation, our research is mainly set as a shallow sea area . The rest of this 

paper is organized as follows: Section 2 presents the system composition of the detect ion system. A 

time-frequency joint detection algorithm is given in Section 3. With the extraction features of known 

air targets, simulation and measurement results are analyzed in Section 4. Then conclusion is given 

in Section 5. 

2. DESCRIPTION OF THE PROPOSED SYSTEM 

To achieve the underwater detection of flying targets, the main task of underwater acoustic signal 

processing is to identify the target signal under low SNR conditions. The paper considers the 

application of the detector in shallow sea when the altitude of the air target is 100 meters or less, the 

flight speed is lower than 60km/h and hovering sometimes. The detection system is composed with a 
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signal acquisition unit and a signal processing unit. The whole detector is illustrated in Figure.1. The 

acquisition unit mainly includes two hydrophones (GRAS 10CT) and signal conditioning modules. 

The hydrophone records the acoustic signal coupled through the air-water interface. After filtering, 

noise reduction and framing, the signal processing unit runs the detection algorithm and gives a 

detection result every 0.5s. 

 

Figure 1 – System composition structure figure 

Assuming that the background noise is statistically stable, and the target signal energy is always 

larger than the background noise. Firstly, calculating an energy ratio of the short and long frame 

signals, which called a short-to-long-term energy ratio (SLR). If the SLR values of consecutive K 

frames exceed the set threshold, it is determined that a suspicious target appears. Next, the cepstral 

coefficients of the current frame signal are extracted using a 4-order Gammatone filter with eardrum 

filtering characteristics. With these learned features input to a BP neural network, the final judgment 

result is given as 1 or 0 w means target appears or not. The whole detection process is shown in Figure 

2.  

 

Figure 2 – System detection flow chart 

3. TIME AND FREQUENCY JOINT DETECTION ALGORITHM 

3.1 Energy Trigger in Time Domain  

In the real-time signal processing, the short-term energy is calculated for each frame of data. These 

values form an energy sequence that called STAEn (i)(i is the frame number). In addition, the signal 

long-term energy called LTAEn which is the successive K frames before the current frame. All 

parameters are calculated according to the following expression. 
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Where STAEn denotes the short-time energy of the current signal frame, LTAEn is the sum of the 

previous K frame energies, bgthrd is the current trigger threshold with an initial valve set to 0.1, and δy 

is the adjustment value of the detection threshold. The threshold is dynamically updated according to 
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the above formula (4, 5). The algorithm used two sets of parameters as the conditions for trigger 

detection, which are STA compared with bgthrd while SLR compared with A0. It is determined that the 

suspicious target is found when both sets of values exceed the set threshold. The spectrum features are 

then analyzed to eliminate interference signals. 

3.2 Feature Matching in Frequency Domain  

Aerial targets, such as helicopters, can be seen as a strong continuous sound source in flight. The 

signal frequency spectrum is a discrete spectrum of harmonic relationship superimposed on the 

broadband continuum, as shown in the Figure 3. In general, the fundamental frequency of the main 

propeller excitation signal is between 10Hz to 25Hz, and the fundamental frequency of the tail 

propeller excitation signal is between 50Hz to 100Hz. 

 

Figure 3 – Typical helicopter signal FFT spectrum 

The detection algorithm using the fundamental frequency and harmonic set of helicopter has higher 

requirements on the SNR of the real-time signal. Without using the sound field propagation calculation 

models, the filtering cepstrum coefficient extraction based on human auditory feature recognition is 

studied. Referring to the author’s previous airborne feature extraction algorithm (9), the signal 

features are extracted from current frame are called Gammatone Filter Cepstrum Coefficients 

(GFCC). The extraction features of two targets are shown in Figure 4. 

   
(a)Helicopter GFCC                  (b) Background Noise GFCC 

Figure 4 – Extraction GFCC of Different Targets 

Next, the BP neural network is trained by extracting features to achieve the recognition of specific 

targets. 

4. EXPERIMENTAL RESULTS 

4.1 Simulation Experiment in the Pool 

First, an experiment was done in a circular pool (6 meters in diameter) to verify the design 

algorithm. A high-powered speaker was hoisted directly above the center of the pool to play 

helicopter flight audio files. The above design system was used to collect the coupled water signal 

(the hydrophone was located at 2m depth), and the signal sampling rate was 8000Hz. The frequency 
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domain features were extracted by acquisition signals from the audio, and the neural network was 

trained using a training set to prepare for the real experiment of the signal. The network recognition 

result is shown in Figure 5. 

 

Figure 5 – Detection and recognition results of helicopter and noise 

It can be seen that the network identification result error rate is 5.95% for the selected 84 test 

signals. At the same time, the cepstral coefficient method still has good anti-noise performance in the 

characteristic expression of underwater coupled signals. 

4.2 Physical Flight Experiment in the Lake 

The experiment was carried out in X-Lake, and the main test shell of the underwater sound 

detection system was sunk into different depths (5m, 10m, 15m) in the lake. A French -made small 

squirrel helicopter was at different heights on the water surface (30m, 50m, 100m) flight or hover, 

the main results of the experiment and analysis are as follows. The system operation output is 1 and 

0, respectively representing to found target and no target. 

4.2.1 Detection Performance at Different Flight Altitude 
According to the airborne sound propagation characteristics, the system mainly collects the direct 

refracted water signal. As the flight altitude changes, the duration time of detection does not change 

much, but the farthest detection distance increases. The results are shown in Table 1. 

Table 1 – Detection performance of the detector at 5m depth underwater 

Altitude, m 
Circling flight Hovering flight 

Duration, s Distance, m Duration, s Distance, m 

10 8.5(7) 134(-) 157 67-171 

20 7 127 171 63-229 

50 - - 93 69-148 

100 7 188 125 70-119 

 

From the above results, it can be found that the target in hovering state has a strong energy and 

can be detected sustainably. 

4.2.2 Detection Performance at Different Depth 
As the depth of the detector increases, the signal is successfully detected within a water depth of 

50m. The results are shown in Table 2. 

Table 2 – Detection performance of the helicopter at 20m flight altitude 

Depth, m 
Circling flight Hovering flight 

Duration, s Distance, m Duration, s Distance, m 

5 7 127 171 63~229 

10 4 125 179 65~69 

15 5.5 168 62 44~162 
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The experimental results show that under the condition of relaxing the number of experiments 

and the quality of data acquisition, the attenuation of the coupled water signal in the shallow water 

layer is not obvious to the target source in the same state.  

5. CONCLUSIONS 

The acoustic detection system for low-altitude target is designed and realized in the shallow water 

environment. It is proved effectiveness that the signal detection algorithm based on energy threshold 

judgement and frequency feature recognition. The results show that the algorithm is highly 

transplantable and insensitive to specific targets. Sequential modeling and analysis of detected threat 

in the real sea environment is the plan for the future work. 
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ABSTRACT 
Accurate analysis of fundamental frequency and chord constitutive notes is a hard problem. However, to 
solve this problem is important for similar music retrieval and music arrangement etc. Development of an 
accurate method for sound source separation is required to analyze the fundamental frequency etc. accurately. 
In this research, we propose a method of sound source separation that combines gamma-process non-negative 
matrix factorization (GaP-NMF) and Deep Neural Network (DNN). In the proposed method, we first estimate 
the basis with GaP-NMF. Then, DNN classifies the estimated basis according to musical instruments. The 
basis estimated by GaP-NMF is emphasized by multiplying with the spectrum template of musical 
instruments which is specified by DNN. We conducted a sound source separation experiment to verify the 
performance of the proposed method. Sound sources are composed of multiple musical instrument sounds. 
As a result of separating a single musical instrument sound from the sound sources, we confirmed that the 
proposed method improved the SNR by 1.1 dB over the conventional method depending on the data. 
 
Keywords: Sound Source Separation, Nonnegative Matrix Factorization, Deep Learning 

1. INTRODUCTION 
Currently, we can enjoy the music in various ways due to the progress of Internet technology and 

Information technology, etc. However, there are some problems in order for us to enjoy music freely. 
When we play music, we need a musical score. If we cannot obtain the musical score, we need to 
transcribe the musical score. This is a hard problem for novices. In addition, when we remix existing 
music, we need a part-by-part recording sound. It is rare that a part-by-part recording sound is 
provided. Also, when we use a music distribution service, we would like to retrieve music similar to 
the music which we like. We need to understand the musical information such as pitch, tempo, and 
melody so as to realize the similar music retrieval.  

In fact, many researchers have carried out research on pitch and melody estimation. For example, 
Zhang et al. have reported melody estimation using a particle filter (1). However, when the sound data 
consists of multiple sound sources, the estimation performance of this method is low.  
Hence, a sound source separation technique is required to solve these above-mentioned problems. 
Sound source separation techniques with Non-negative matrix factorization (NMF) (2) have been 
proposed to solve the above-mentioned problems. When we utilize NMF, we need to specify the 
number of bases in advance. The Gamma Process Non-negative Matrix Factorization (GaP-NMF)(3) 
has solved the problem of NMF by introducing Gamma process to NMF and by extending NMF by 
Bayesian nonparametric method. GaP-NMF makes it possible to separate while inferring the number 
of unknown sound sources. However, there is also a problem with GaP-NMF. We expect to obtain a 
basis matrix as a set of the spectrum of a single tone so as to realize the multiple sound source 
separation. The basis matrix which is estimated by GaP-NMF is not a set of the spectrum of a single 
tone. Hence, in this study, we propose a method that introduces deep learning to the learning process 
of a basis matrix of GaP-NMF.  

In this paper, Section 2 describes related research and the proposed method. Section 3 describes 
the test data and evaluation method used in the evaluation experiment. Section 4 describes the 
examination of the results of evaluation experiments, and Section 5 shows the conclusions of this 
study. 
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2. METHODS 
In this section, we introduce our proposed method. Our proposed method consists of GaP-NMF (Gamma 

Process Non-negative Matrix Factorization and deep learning. 

2.1 Non-negative Matrix Factorization (NMF)(2) 
NMF is a method for factorizing an input data matrix  into two smaller output matrices 

  and  . When applying NMF to a musical acoustic signal, we use a sound 
spectrogram as an input matrix X. In the separation process, we assume that the matrix  consists of 
k bases. One output matrix W represents the basis matrix of a sound source. The other output matrix 
H represents the activation matrix of each basis. 

The problem with NMF is that we need to specify the number of basis in advance. In addition, we 
expect to obtain a basis matrix as a set of the spectrum of a single tone, but the basis matrix which is 
estimated by the basic NMF is not a set of the spectrum of a single tone.  

2.2 Gamma Process Non-negative Matrix Factorization (GaP-NMF)(3) 
When applying NMF to a musical acoustic sound, we need to specify the number of basis in 

advance. However, when actually applying NMF to the musical acoustic sound, it is not always 
possible to specify the number of bases to be estimated. Hence, GaP-NMF has been introduced a 
nonparametric Bayesian estimation method to NMF to solve the above-mentioned problem. GaP-NMF 
estimates the basis matrix and the activation matrix of the musical acoustic signal by updating the 
parameters for a probability distribution. And, GaP-NMF estimates the number of bases 
simultaneously. We can obtain a basis matrix whose number of bases is restricted not to use more 
bases than necessary. However, the basis matrix which is estimated by GaP-NMF is also not a set of 
the spectrum of a single tone. The reason for this problem is GaP-NMF estimates a basis matrix by 
minimizing the error with an observation matrix. Hence, we need to add a constraint to parameter 
update process so as to estimate a set of the spectrum of a single tone as the basis matrix.  We call 
GaP-NMF as the conventional method in this paper. 

2.3 Proposed method 
Figure 1 shows the processing flow of our proposed method. Our proposed method makes template 

database which is a set of the spectrum of a single tone in advance and classifies each estimated basis 
into a template spectrum. The estimated basis is emphasized by averaging with the template spectrum 
to approximate each estimated basis to the spectrum of a single tone.  In our proposed method, we 
utilize GaP-NMF so as to estimate the basis matrix and the activation matrix, and we utilize 
Convolutional Neural Network (CNN) so as to classify the basis into a template spectrum.  

 
 

 
 

Fig. 1 The processing flow of our proposed method 
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Table 1 Parameters of the structure of CNN 

No. Type Description 

1 Input           1025x1x1 images with 'zerocenter' normalization 

2 Convolution         48 4x1x1 convolutions with stride [1  1] and padding [0  0  0  0] 

3 ReLU              ReLU 

4 Batch Normalization  Batch normalization with 48 channels 

5 Max Pooling         2x1 max pooling with stride [2  1] and padding [0  0  0  0] 

6 Convolution         256 2x1x48 convolutions with stride [1  1] and padding 'same' 

7 ReLU              ReLU 

8 Batch Normalization  Batch normalization with 256 channels 

9 Max Pooling         2x1 max pooling with stride [2  1] and padding [0  0  0  0] 

10 Convolution         384 3x1x256 convolutions with stride [2  1] and padding [1  1  1  1] 

11 ReLU              ReLU 

12 Convolution         384 3x1x384 convolutions with stride [2  1] and padding [1  1  1  1] 

13 ReLU              ReLU 

14 Convolution         256 3x1x384 convolutions with stride [2  1] and padding [1  1  1  1] 

15 ReLU              ReLU 

16 Max Pooling         2x1 max pooling with stride [2  1] and padding [0  0  0  0] 

17 Fully Connected      1025 fully connected layer 

18 ReLU              ReLU 

19 Dropout            50% dropout 

20 Fully Connected      1025 fully connected layer 

21 ReLU              ReLU 

22 Dropout            50% dropout 

23 Fully Connected      3 fully connected layer 

24 Softmax            softmax 

25 Classification Output 
 

 

Table 2 Parameters of the training of CNN 

Option Value 

olver SGDM 

InitialLearnRate 0.001 

MaxEpochs 20 

MiniBatchSize 40 

Shuffle every-epoch 
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3. EXPERIMENT 
We performed source separation experiments so as to confirm the performance of the proposed 

method. 

3.1 Conditions and methods 
We utilized 200 notes of each musical instrument, piano, vibraphone, and bass guitar from "RWC 

Research Music Database: Musical Instruments(4)" as the training data of CNN. Tables 1 and 2 show 
the parameters of the structure of CNN and the training of CNN.  

We utilized jazz music from the database "MedleyDB: A Multitrack Dataset for Annotation-
Intensive MIR Research(5)" for acoustic research as the test data. Both the training data and the test 
data were sampling frequency of 44,100 Hz and quantization bit rate of 16 bits. Test data consists of 
piano, percussion, bass guitar, trumpet, and saxophone. Since the test data was recorded by stereo, we 
converted the stereo data to the monaural data. The duration of the test data was about 90 seconds, 
and we separated the test data into the short part data whose duration is 10 seconds. As the pre-
processing of sound source separation, we converted the test data to the power spectrogram using 
short time Fourier transform. We utilized Hamming window for Fast Fourier transform whose frame 
length was 2048 points, and frame shift was 1024 points. Because we thought that it would be better 
if sufficient resolution could be obtained to separate the tone of C3 and higher  

In this experiment, the maximum number of bases was set to 30 in the conventional method and 
the proposed method, and the number of updates of each output matrix was set to 30. The basis 
spectrum was enhanced by the convolution network on the frequency region once every three updates 
of GaP-NMF. 

We utilized S/N ratio given by the following equation as the index of separation performance. 
 

 (1) 

 
Here,  is the original signal before mixing, and  is the estimated signal after separation. 

In this research, we assumed the acoustic signal of the piano as the original signal.  

3.2 RESULT 
Figure 2 shows the separation accuracy of the conventional method and the proposed method. The 

S/N ratio improved in most parts. The S/N ratio improved significantly in Parts 1, 2 and 7-9. In Part 
2, in particular, significant improvement in accuracy was confirmed compared to the conventional 
method. Figure 3 shows the input spectrogram of Part 2. There were few overlapping sounds in the 
low-frequency range, and there were few variations in pitch. Also, no significant difference in 
performance was found in Parts 3 and 6. In Part 4, the conventional method was higher separation 
accuracy than the proposed method. Figure 4 shows the input spectrogram of Part 4. This part was 
rich in the change of pitch and was a sound source with many occurrences of sound.  

Figures 5 and 6 show the basis matrices of Part 2 and 4, respectively. The basis matrix of the 
conventional method did not contain the high-frequency component. On the other hand, the basis 
matrix of the proposed method can be possible to represent the high-frequency component. In addition, 
the basis matrix of the conventional method was sparser than that of the proposed method.  

Figures 7 and 8 show the spectrogram of Part 2 estimated by the conventional method and the 
proposed method, respectively. Figures 9 and 10 show the spectrogram of Part 4 estimated by the 
conventional method and the proposed method, respectively. The spectrogram estimated by the 
conventional method does not contain high-frequency components as well as the basis matrix. 
Especially in the output spectrogram of part 4 by the proposed method shown in Fig. 10, high-
frequency components are greatly emphasized. 
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Fig. 2 Separation accuracy 

 

 
Fig. 3 Input spectrogram of Part 2 

 

 
Fig. 4 Input spectrogram of Part 4 

-6

-5

-4

-3

-2

-1

0
1 2 3 4 5 6 7 8 9

SN
R

dB

Parts of music

proposed method

conventional method

2844



 

 

(a) Conventional method                 (b) Proposed method

Fig.5 Estimated basis matrices of Part 2 

(a) Conventional method                 (b) Proposed method

Fig.6 Estimated basis matrices of Part 4 

Fig. 7 Spectrogram of Part 2 estimated by the conventional method 
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Fig. 8 Spectrogram of Part 2 estimated by the proposed method 

Fig. 9 Spectrogram of Part 4 estimated by the conventional method 

Fig. 10 Spectrogram of Part 4 estimated by the proposed method 
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4. DISCUSSION 
The experimental results show that the proposed method is superior  to the conventional method in 

many parts. The S/N ratio of the conventional method is superior to the proposed method in a part. 
Especially when comparing the part where the S/N ratio improved and the part where it did not 
improve, there were differences in the number of variations in pitch. The proposed method is 
advantageous for the data with relatively slow change in pitch compared to the conventional method. 
However, for sound data rich in pitch change, the conventional method showed high separation 
accuracy. Sound data rich in pitch change contains many sound sources whose duration is short. From 
this, in the proposed method, it can be inferred that the feature of the basis vector corresponding to 
the sound source with a small generation time or the number of pronunciations is caused to disappear 
by the enhancement of the basis matrix by deep learning.  

The disappearance of the feature of the basis vector is due to the emphasis by deep learning with 
the basis matrix not fully converged. This is due to the fact that basis vectors with similar pitches 
could not be determined sufficiently by deep learning. As a result, sounds with similar pitches were 
grouped together and it was not possible to express the sound of the separation object sufficiently.  

5. CONCLUSIONS 
In this study, we extended GaP-NMF using deep learning method. The test data this time gave 

superior results to the conventional method. In particular, significant improvement in the S N ratio 
was confirmed for sounds with a gradual change in pitch. However, compared to the conventional 
method, significant improvement in separation accuracy was not obtained for sounds rich in change 
in pitch and sounds with a large number of pronunciations. It can be inferred that this is because the 
feature of the sound source with a short pronunciation time disappears by emphasizing the spectrum 
by deep learning. In the future, it is necessary to consider to solve this problem.  
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Detection of Boat Noise by a Convolutional Neural Network 
 for a Boat Information System 

Haruki YAMAGUCHI1; Kenji MUTO2 
1,2 Shibaura Institute of Technology, Japan 

ABSTRACT 
Some boat noises are perceived as noisy and annoying by people who live near canals. We have previously 
proposed an information system that uses audiovisual means to provide cellphone alerts of approaching noisy 
boats, but a problem with that system was camera-based detection of a boat approaching at night. In the 
present paper, we investigate using training data to detect boat noise in environmental sound by means of a 
convolutional neural network. To detect boat noise, training data are used involving spectrograms of the 
environmental sound. The spectrogram configuration is investigated to improve the detection of boat noise. 
From the results, when the spectrogram configuration has a time axis of 5 s and a frequency axis of 10–3,500 
Hz, the detection performance has a highest accuracy of over 95%. 
 
Keywords: Noise detection, Boat noise, Sound recognition, Convolutional neural network 

1. INTRODUCTION 
In daily life we are surrounded by numerous sounds, some of which are perceived as uncomfortable, such 

as the noise under a railway viaduct or from construction or engines. The canals of Tokyo in Japan have been 
used to carry food and supplies since the 1800s, and some are now also used for freight and sightseeing boats. 
Each day, more than 100 boats use one such canal, alongside which stand apartment and office buildings in 
close proximity (1). Of the various boats, tugboats generate high levels of noise when transporting sand or 
construction materials. The noise level from their engines can reach 70 dBA in a building, which is almost the 
same as that from a vacuum cleaner. Therefore, the people who live alongside this canal are exposed to 
unpleasant sounds. 

The impression of sound depends on the environment. Miyagawa et al. showed that the evaluation of 
sound depends on whether it is accompanied by video (2). According to Abe et al., adding visual information 
to sound stimulation influences the quantitative evaluation of the sound (3). Kai et al. showed that providing 
visual information about a boat as a sound source decreases the impressions of noisiness, loudness, and 
annoyance (4). 

In previous work, we proposed a cellphone-based noise information system that uses audiovisual means 
to decrease the annoyance of boats. This system for detecting boats comprises a camera and a microphone, 
but we developed the system to detect boats by means of only the camera. Consequently, a problem with the 
system was the difficulty of boat detection at night (5). In the present paper, we describe a method for 
detecting boats by using acoustic data recorded with a microphone. To detect boat noise, the sound detection 
system analyzes the audio signal by means of a convolutional neural network (CNN), which is used widely in 
image recognition. Although many researchers in the field of machine learning are studying how to recognize 
traffic noise, those sound recognition systems are not targeted at boat noise (6-9). We discuss the important 
parameters for the CNN trained on data that involve the frequency characteristics of the audio signal. 

2. SELECTION OF TRAINING DATA FOR CNN 
We describe the elements of the CNN training data involving boat noise. Using the CNN requires 

pretreating the spectrograms used as the input data for training the CNN. The process is widely used in the 
field of speech recognition. The spectrograms require the elements of time range, frequency range, frequency 
resolution, and overlap. In this section, we describe the choice of the spectrogram parameters. First, we 
recorded the environmental sound near the canal. We then had people manually classify the recorded sound. 

                                                        
1 ma19085@shibaura-it.ac.jp; 2 k-muto@shibaura-it.ac.jp  
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Finally, we transformed the sound into spectrograms so that the CNN could learn the boat noise, which is 
why the system requires three-dimensional data. 

2.1 Evaluation Method 
We used the CNN to evaluate the spectrograms, and we calculated the accuracy PAR. The results of 

the classified data in Section 2.4 are indicated by the labels “Boat” or “NoBoat” every second. The 
accuracy rate is given by  

 

where R is the number of labels per second classified by the CNN that matched those classified by 
people, and T is the total analysis time. From this formula, we calculated the accuracy rate of the 
spectrogram performance for each frequency range and each training time.  

As the training data, we used sound recorded for 24 h on March 16, 2015 at an apartment veranda 
alongside the canal. Each second of this data set was classified by people, and the classification is 
described in detail in Section 2.3. For the data with which to verify the CNN training, we used sound 
recorded from 7:00 am to 7:30 am on March, 17 2015, each second of which was also categorized by 
people. The verification data were recorded in the same environment as were the training data.  

2.2 Spectrogram Data for CNN 
To train the CNN to recognize sound, we used spectrograms. In this paper, we discuss the frequency 

range of the spectrograms. Each spectrogram comprises three-dimensional data on a time axis, a 
frequency axis, and a sound-level axis. We reason that the sound classification by the CNN depends on 
the spectrograms. Therefore, we discuss the spectrogram composition. We determined the spectrogram 
frequency range by focusing on the sound source of the boat. Boat noise contains engine sound, which 
is a low-frequency noise. We studied the 35 patterns listed in Table 1, in which we changed the range 
with regard to the maximum frequency for the spectrogram while the minimum frequency was set to 10 
Hz. When the spectrogram shows the frequency, which generated by frequency bands. The number of 
frequency bands were 2 to 95. In this experiment, we searched for an influence on accuracy from those 
maximum frequency ranges of 50 Hz or higher. 

For another spectrogram parameter, we considered the length of analysis time for a spectrogram to 
fit the boat noise in our previous study work, which result of time length at 5 s (10). Therefore, we used 
an analysis time of around 5 s to give the spectrogram train for CNN from previous study. Last one of 
the spectrogram parameter, Figure 1 shows two examples of the spectrograms used to train the CNN. 
Each spectrogram of the sound data was obtained using a fast fourier transform (FFT), for which the 
characteristic values were a sampling frequency of 24 kHz, a window size of 4,096 samples, and an 
overlap of 8.4%. This FFT window size can detect frequencies as low as 5.9 Hz. The example 
spectrograms shown in Figure 1 confirm that they differ according to the frequency range. The 
spectrogram to train CNN was calculated using the speech spectrogram functions from MATLAB (11). 
Hence the frequency bands of spectrograms were generated based on the bark scale.  

Table 1 – Spectrogram frequency ranges used to train the convolutional neural network (CNN) 

Frequency range [Hz] 

10 – 50 10 – 250 10 – 2500 10 – 6000 10 – 10000 

10 – 75 10 – 500 10 – 3000 10 – 6500 10 – 10500 

10 – 100 10 – 1000 10 – 3500 10 – 7000 10 – 11000 

10 – 125 10 – 1250 10 – 4000 10 – 7500 10 – 11500 

10 – 150 10 – 1500 10 – 4500 10 – 8500 10 – 12000 

10 – 175 10 – 1750 10 – 5000 10 – 9000  

10 – 200 10 - 2000 10 – 5500 10 – 9500  
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Figure 1 – Examples of spectrograms used to train CNN. Left: 10–500 Hz analyzed; right: 10–12,000 
Hz analyzed. 

2.3 Sound Classification for Boat Notification System 
The CNN requires classification when trained using sound data. For training, we categorized each 

second of sound data using one of three labels, namely. the Boat label if the sound data contained boat 
noises, the NoBoat label if the sound data contained no boat noises, and the NoTraining label, which is 
categorized as intermediate between the “Boat” and “NoBoat” labels. To assign these labels to the 
sound data, we listened to the latter through headphones to detect any boat noise in each second of the 
sound data. For the training data, we used a 24 h recording made on March 16, 2015.  

In this study, the CNN was not trained on the NoTraining label to avoid any fuzziness regarding the 
boat sound. On the labeling, we judged perceptible by the ear the period of boat noise. Figure 2 shows 
the labeling process schematically. During periods classified with the Boat label, perception of boat 
noise was evaluated, except for the initial 10 s and the final 10 s.  

 

 
Figure 2 – Environmental sound including the passage of a boat and time diagram of sound 
classification of boat noise to train the CNN. Sound data given the “Boat” label contain boat noise, 
and those given the “NoBoat” label exclude boat noise. The labels were assigned by people based on 
perceived boat sounds. 

2.4 Training Model of CNN 
In this research, we used a CNN comprising 24 layers, which included five convolutional layers 

(11). The first layer of the CNN was for inputting the three-dimensional spectrogram data, which 
compress by a time value, frequency value and sound volume value. The size of input data of 
spectrogram for CNN was 350  (2 to 95)  1. Each convolutional layer was filtered by a 3  3 filter. 
The 20% data from previous layer was eliminated on dropout layer. The CNN trained spectrogram with 
the sound classification label. Figure 3 shows the training of the CNN model.  
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Figure 3 – Layers used to train the CNN when using spectrograms as input data.  

2.5 Recording Conditions 
As training data, we used sound recorded for 24 h by a microphone (MI-1233; Onosokki Co. Ltd) 

on March 16, 2015 on an apartment balcony alongside the canal. The microphone was sited 28 m above 
the level of the canal and 16 m horizontally from the canal. The recording conditions were the same as 
those used in our previous paper. On the day of the recording, the weather was variously sunny or 
cloudy and the wind was light. The sound was recorded at a sampling frequency of 24 kHz and was 
quantized into 16 bits. 

3. RESULTS FOR FREQUENCY RANGE  

3.1 Results 
We performed an experiment on boat noise detection to improve the frequency range of the 

spectrogram of data for training the CNN using 30 min verification of the environmental sound data 
near the canal. Figure 4 shows the relationship between the accuracy rate of the CNN and the 
frequency range of each spectrogram. In this experiment, the highest accuracy rate was 95.6% for the 
frequency range of 10–3,500 Hz, and the lowest accuracy rate was 94.4% for the frequency range of 
10–3,000 Hz. Those frequency ranges were the ones that were most effective for detecting boat noise 
in this experiment. An accuracy rate of 75–80% was obtained in the low-frequency range of 10–50 Hz, 
and an accuracy rate of over 90% was obtained in the 10–125 Hz range. Those results show that the 
frequency characteristics between 50–125 Hz were influential for recognizing boat noise using the 
spectrograms. In the frequency range of 10–1,000 Hz, an average accuracy rate of 93.1% was obtained, 
and this accuracy rate agrees with results of previous studies (10). However, the accuracy rate dropped 
to below 90% in the frequency ranges of 10-4,500 Hz and 10–10,000 Hz. 

 
Figure 4 – Relationship between CNN accuracy and frequency range. The horizontal axis shows the 
upper limit (from 10 Hz) of the spectrogram frequency range, and the vertical axis shows the 
accuracy rate of the CNN using the training data of the spectrogram for each frequency. The line 
shows how the average accuracy varies with the maximum frequency.  
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3.2 Discussion 
From the results of using spectrograms analyzed by a CNN to recognize boat noise, the present 

system could recognize all the boats in the reported experiment. Regarding the recognition accuracy, 
when the upper limit of the frequency range exceeded 125 Hz, the accuracy rate mostly exceeded 90%.  

From the experimental results regarding the frequency range, much of the information required for 
recognizing boat noise lies in the 50–1,250 Hz frequency characteristics, which improve the average 
accuracy by 17.6%. Figure 5 shows that boats equipped with a diesel engine have peak frequencies 
below 50 Hz. It is effective to use not only the range around the fundamental frequency of boat noise 
but also the range of higher frequency for boat noise detection. 

 
Figure 5 – Example of frequency characteristics of tugboat noise. In this case, the peak frequencies of 
the boat noise were 17 Hz and 33 Hz. 

4. CONCLUSIONS 
We proposed a boat notification system for residents along a canal to reduce the impression of boat noise. 

This system required a method for detecting boats from environmental sound, and we proposed doing so by 
using a CNN to analyze spectrograms. In the reported experiment, we focused on how the spectrogram 
parameters depends on the characteristics of the boat noise. We discussed the parameter of frequency 
characteristics on spectrogram for improving the detection of boat noise. The results showed the frequency 
range of 50–1,250 Hz to be a valid one for detecting boats using a CNN trained by spectrograms. In this paper, 
we focused on the boat detection using noise, which was influenced by low-frequency sounds originating 
from boat engines. In future work, we will classify boat sounds according to the category of boat. 
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Abstract
Alkaline dry batteries and nickel-metal hydride (NiMH) rechargeable batteries are used worldwide for various
portable devices that require continuous current. Nevertheless, visual verifying such a battery as discharged or
not remains as difficult checking a watermelon for ripeness. Although one can detect a dead battery using a bat-
tery indicator, such a useful tool is not always available. Therefore, a simple and intuitive means of ascertaining
whether a battery is dead or not must be found to avoid problems such as battery leakage. In our previous work,
we proposed an acoustic analysis based method for estimating the discharge state of an alkaline dry battery: a
hammering test method can screen dead batteries by analyzing the tone color of the tapping sound. In this re-
port, we propose a more effective method and apply it to NiMH rechargeable batteries. To improve the decision
accuracy, we also employ a support vector machine (SVM) and super high-resolution recording system, which
can obtain sound up to 100 kHz. Our experimentally obtained results suggest that the proposed method can
provide effective screening.
Keywords: Battery, Nondestructive inspection, Hammering sound, inaudible sound, Support vector ma-
chine

1 INTRODUCTION
In recent years, demands for alkaline dry batteries and rechargeable batteries has increased especially in emerg-
ing countries. It is generally difficult, however, to check whether they are dead (less than about 1.0V) or not.
Although we can surely infer their residual quantity if we use a battery indicator, it is an unusual device in
daily life. If a dead battery is misapplied, it sometimes causes safety problems such as breakdown of equip-
ment. Therefore, it was necessary to find the simple and intuition way to screen whether present battery is dead
or not to avoid these problems.
To overcome these problems, in our previous study, we proved that the alkaline dry batteries can be screened
just by tapping them and listening to its sound[1]. However, despite the fact that rechargeable batteries are
widely used all over the world, the method we proposed was not enough effective to screen rechargeable bat-
teries. Thanks to the development information and communication technology in recent years, more devices can
analyze high tone which is hard or impossible for human to hear (it is called “inaudible sound” in this research;
generally higher than 20kHz) at a high resolution. For example, some smart phones can record and play sounds
on the 192kHz/24bits system.
In our previous studies, it was found that the more improved sampling rates the less noise floor level, therefore
it is worth analyzing acoustic architecture in high-frequency band that is generally small amplitude with high
resolution.
Therefore, we research and analyze hammering sound of rechargeable batteries including inaudible sound to
screen them for finding out dead one by a new procedure. To estimate the possibility of classifying remain
of rechargeable batteries using hammering sound, in this study, we evaluated the accuracy of SVM trained by
hammering sound of them including inaudible sound.
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Figure 1. (a) Remains of alkaline dry battery can be discriminated by listening its tapping sound; (b) Remains
of NiMH rechargeable battery can not be discriminated by only listening its tapping sounds; (c) It can be
discriminated by classifier which can analyze its tapping sound

Figure 2. Details of 768kHz/32bit super-high-resolution recording system

2 EXPERIMENTAL METHODS
2.1 Support vector machine
SVM) is the one of the classifier which has high classification ability [2, 3, 4, 5]. Define (xxxi,yi)i∈[n] as n
train data, where xxxi ∈ Rd is d-dimensional real vector and yi ∈ {−1,1} is label for xxxi, and decision function as
f (xxx) = wwwTxxx+ b. The optimization problem to evaluate classification boundary which is given by f (xxx) = 0 is
expressed as:

min
www,b,ξξξ
‖www‖2 +C ∑

i∈[n]
ξi

s.t.yi(wwwTxxx+b)≥ 1−ξi, i ∈ [n]

ξi ≥ 0, i ∈ [n]

(1)

where ξ indicates the slack variables and C shows regularization parameter which is one of the hyper parameters
of this model. Larger C means less classification error and less computational complexity. In case the data has a
complex distribution, data need to be mapped to higher dimensions by kernel function to solve the optimization
problem. To generate simpler model, in this research, homogeneous polynomial function was used as kernel
function which is expressed as:

k(xxxi,xxx j) = γ(xxxi · xxx j) (2)

where γ indicates kernel parameter and polynomial order [6]. This is another hyper parameters of this model.
The performance of this model is determined by these two hyper parameters. To find the best hyper parameters,
there are two searching methods: grid search and Bayesian optimization. Grid search is the full search while
Bayesian optimization is the searching method by maximization acquisition function [7]. The model which is
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trained on each combination of hyper parameters are evaluated by k-fold cross validation. The performance
of the model which is trained on best combination ow hyper parameters is evaluated by how test data set is
classified correctly by this model.

2.2 The super-high-resolution recording system
The details of super-high-resolution recording system are as follows: the system is in the radio/acoustic ane-
choic room and there is equipment such as the microphone, the amplifier, the A/D converter and the computers
as shown in the figure 2 [8]. The wall of the radio/acoustic anechoic room consist of radio wave absorber
and sound wave absorber. These architectures contribute for reducing level of reflections on the wall and avoid
multi-path phasing. Hence purer sound is able to be collected there. The noise floor in this room and indi-
cates that there is about -12 dB at the lowest in analyzable band thanks to the noise shaping. The analyzable
frequency band is from about 20 Hz to about 100kHz because of the nominal value of the microphone in this
system. Therefore, the system is enough to analyze acoustic structure in inaudible range and high dynamic
range.

2.3 Hammering methods
The hammering test method is one of the non-destructive inspections to judge internal condition by the re-
sponse generated by hitting with something such as a hummer. In Japan, for example, this method is used for
maintaining concrete structure. As a similar example in daily life, whether a watermelon is ripe or not [9] and
whether a clam is dead or not [10] are able to be discriminated by this method.
In our previous works, it was proved that also whether an alkaline dry battery is dead or not can be estimated
by this method because of the fact that physical organization of discharged alkaline dry battery is denser than
not discharged one while they are about same appearance and weight. To avoid mixing excessive sounds when
they are hit each other and to consider practical using, in this study, we compared with the sounds generated
by hitting discharged or not batteries each other.

2.4 Learning and evaluation
We analyzed ten rechargeable batteries as samples. Five of them are fully charged rechargeable batteries (group
F: F0 to F4) and the others are completely discharged ones (group E: E0 to E4). “eneloop (Panasonic)” was
used as sample rechargeable batteries in this research. The hammering sounds of F0 vs. F1 to F4 and E0
vs. E1 to E4 were collected for each fifteen times for each combination by hand. The reason why the ham-
mering sounds were collected by hand is to package the classifier as an application in the future. They were
standardized to have same energy; then amplitude frequency characteristics were gotten by FFT. Audible band
(0 to 20 kHz) and inaudible-included band (0 to 100kHz) of these frequency characteristics was separated by
each ∆F kHz, xxxi

20 and xxxi
100 i ∈ [n] were defined as attribute vectors, or train data, given by energy of each

band, where ∆F was shown in Table. The objective SVM model was trained by ten of training data-set of each
battery (F1 to F4, and E1 to E4) as in the previous section, where both of C and γ were from 10−3 to 103 and
were equally divided into 30×30 logarithmic mesh grid, and the model of each point were evaluated by 5-fold
cross validation; then the accuracy of obtained model was calculated by using the other five test data-set. Mean
square error (MSE) was chosen as loss function in the optimization as 1

n ∑
n
i=1(xi− x̂i)

2, where xi is true value
and x̂i is observed value.

Table 1. The relationship between ∆F and xxxiii

∆F (kHz) 0.1 0.2 0.25 0.5 1 2 4 5 10 20 50
Dimension of xxxi

20 200 100 80 40 20 10 5 4 2 1 *
Dimension of xxxi

100 1000 500 400 200 100 50 25 20 10 5 2
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3 RESULT AND DISCUSSION
3.1 Analysis of hammering sound in each state
Figure 3 shows features of examples of hammering sound. It is assumed that it is hard to differentiate their
remain by their hammering sound because frequency-amplitude characteristics of discharged one resembled fully
charged one.

3.2 Relationship between attribute and model’s accuracy
The results of grid search, Bayesian optimization search and confusion matrix which shows the performance of
each optimized model given by classification of test data-set are shown as figure 4, figure 5 and 6. The follow-
ing about how to train SVM model which has high generalization ability for screening rechargeable batteries
were found from these figures. First, it was shown in comparing each b-5 and b-9 of figure 4 to 6 that higher
frequency resolution benefits higher generalization ability. Second, it was shown in comparing a-6 and b-6 of
each figure that training with wider frequency analyzing including inaudible sound benefits higher generalization
ability in condition under the same frequency resolution. Third, it was shown in comparing a-5 and b-5 of each
figure that if the same dimension attribute vectors were used, high accuracy can be obtained only trained in the
audible range.

4 CONCLUSION
In this study, we proved that the residual quantity of rechargeable battery is able to be almost correctly deter-
mined by SVM model which is trained by their hammering sound. That is, it was concluded that the classifier
which has high accuracy can be obtained by training the sounds in wide frequency band and high frequency
resolution. Thanks to the development of the information and communication technology, studies of machine
learning for any sound have prospered nowadays. Because of the same reason, the frequency band of recording
and playing devices become wider and wider.
Furthermore, in recent years, the demand for rechargeable batteries has increased in developed countries to solve
environmental problems. Therefore, we believe that this research will be the basis of further research for the
classification method employing high resolution sound and machine learning in the future.
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Figure 3. Details of examples of hammering sound: sound pressure signal (top), spectrogram (middle), and
amplitude frequency characteristic (bottom). (a-1,2,3) and (b-1,2,3) in the figure show that the result of analysis
of the hammering sound of discharged one and charged one
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Figure 4. The result of grid search of each model. ∆F and D means band width for separating frequency
amplitude characteristics and dimension of attribute vector, xxxi

20 and xxxi
100 i ∈ [n]

2859



Figure 5. The result of bayesian optimizatio of each model. ∆F and D means band width for separating
frequency amplitude characteristics and dimension of attribute vector, xxxi

20 and xxxi
100 i ∈ [n]
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Figure 6. The confusion matrix of each model. ∆F and D means band width for separating frequency amplitude
characteristics and dimension of attribute vector, xxxi

20 and xxxi
100 i ∈ [n]
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Abstract
This paper deals with voice activity detection (VAD) tasks under high-level noise environments where signal-
to-noise ratios (SNRs) are lower than −5 dB. With the increasing needs for hands-free applications, it is un-
avoidable to face critically low SNR situations where the noise can be internal self-created ego noise or external
noise occurring in the environment, e.g., rescue robots in a disaster or navigation in a high-speed moving car. To
achieve accurate VAD results under such situations, this paper proposes a gated convolutional neural network-
based approach that is able to capture long- and short-term dependencies in time series as cues for detection.
Experimental evaluations using high-level ego noise of a hose-shaped rescue robot revealed that the proposed
method was able to averagely achieve about 86% VAD accuracy in environments with SNR in the range of
−30 dB to −5 dB.
Keywords: Voice activity detection (VAD), low SNR, gated convolutional neural networks, rescue robot,
ego noise

1 INTRODUCTION
Voice activity detection (VAD) is referred to as the technique of identifying speech and non-speech regions in
a recorded audio signal, which is an active research area in the field of speech processing since it plays an
essential role in numerous speech applications [1, 2, 3]. In high-quality recording conditions where signal-to-
noise ratios (SNR) are high, methods based on the energy perform well because the energy difference between
speech and non-speech segments is noticeable. However, the performances of these methods decrease when
SNR tends to be critically low. On the other hand, with the rapidly increasing needs for hands-free applications
and robots, high VAD accuracies are required under various situations without regard to SNRs. This means that
developing VAD systems handling critically low SNRs becomes indispensable since these situations frequently
occur around us, such as navigation in a high-speed moving car or robot audition [4, 5].
To deal with such arduous tasks and motivated by the considerable success in many classification tasks achieved
by deep learning-based methods, some attempts have recently been made to adopt deep neural networks (DNNs)
to VAD tasks [6, 7, 8, 9, 10, 11]. In [7, 8], multiple layer perceptron (MLP) is employed to train a nonlinear
speech/non-speech classifier. To capture the dependence in time series, these methods take segmental features
that concatenate the feature vectors extracted from the current frame, preceding frames and succeeding frames
as inputs of neural networks. However, capturing the temporal dependency in such naïve way will lead to a
critical increase of the feature dimension, which significantly increases the difficulty of training a classifier with
good generalization. Comparing with MLP, recurrent neural networks (RNN) and convolutional neural networks
(CNN) are more efficient architectures to model time series data. Especially, long short-term memory (LSTM)
networks [12, 13] (also bidirectional LSTM and gated recurrent units) and gated CNN [14] have shown their
strong capability to capture long-term dependencies of time series in many recent studies, including VAD tasks
[10, 11]. Although RNN, including LSTM, is proposed initially to model time series, enormous parameters
involved in models lead to some well-known problems. Namely, it is cost-consuming to train an acceptable
model, and RNN is prone to overfitting. Furthermore, it has been reported in [10] that LSTM suffers from
state saturation problems for long-utterance in VAD tasks. In contrast, CNN has a relatively small number of
parameters thanks to its parameter sharing scheme, and with the gated mechanism and the dilation process,
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spectrogram of speech

spectrogram of noise

spectrogram of mixture signal

label

Figure 1. An example of spectrograms of speech, ego noise (left) and mixture signals (right upper) where
SNR=-20 dB. Ground truth is shown in the right bottom.

CNN has achieved comparable performance with LSTM in modeling time series [10, 14], which attracts a lot
of attention recently.
Similar to other classification tasks, deep learning-based methods have accomplished significant improvement
in VAD tasks comparing to conventional methods, and many successful systems have been developed and re-
ported. However, to our best knowledge, the effectiveness of these systems was only confirmed under noisy
environments where SNRs were about [-5, 30] dB. There has been no investigation on performing VAD under
high-level noisy situations where SNRs are lower than −5 dB. In this paper, we mainly provide two contribu-
tions. First, we propose a VAD system that uses gated CNN [14] to construct the VAD classifier together with
a temporal smoothing as post-process. We focus on small network architectures to prevent high computational
cost, which could be a severe problem when converting an existing method into a real-time system. This is the
main difference between the proposed system and the one proposed in [10], which uses 36 layers and residual
structures. Second, we investigate VAD methods in high-level noisy environments where SNRs are about [-30,
-5] dB and show the limitation of the MLP-based method and the proposed method in such severe situations.
Specifically, we evaluate the proposed method with speeches recorded by a hose-shaped rescue robot, which are
critically interrupted by the self-created ego noise of the robot. Fig. 1 shows an example of spectrograms of
the ego noise and the mixture signal whose SNR is −20 dB.

2 MLP-based VAD
Let x(t) denotes a mixture signal (i.e, observation) consisting of a target speech s(t) and a noise signal n(t),
and x(ω, f ), s(ω, f ) and n(ω, f ) denote short-time Fourier transform (STFT) representations of the mixture,
speech, and noise signal, respectively. Here t = {1,2, . . . ,T} denotes the discrete time index in time domain, and
ω = {1,2, . . . ,Ω} and f = {1,2, . . . ,F} denote the frequency and frame indices in STFT domain, respectively.
A VAD problem can be formulated as a binomial classification problem that classifies a segment of signal
{x(t), . . . ,x(t +T )} into speech and non-speech groups on the basis of a set of input features x̃(ω, f ) extracted
from the signal segment:

v( f ) =

{
1 (speech),
0 (non-speech).

(1)

Here v( f ) denotes the ground truth at f -th frame. There are various acoustic features available for VAD,
including magnitude/power spectrum, mel-frequency cepstral coefficients (MFCC). Considering that a neural
network is able to serve as a further feature extractor to extract more task-effective features, in this paper, we
use magnitude spectra of the observation x̃(ω, f ) = |x(ω, f )| as acoustic features.
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Figure 2. Flowchart of proposed method.

In an MLP-based VAD system, in order to capture the long-term dependencies in acoustic time series, in-
puts of a neural network in both of training and test stages are segmental features defined as X(f) = [x̃(f−
M+ 1)T, x̃(f−M+ 2)T, . . . , x̃(f− 1)T]T ∈ RΩ×M, which are concatenated feature vectors that combine the fea-
ture extracted from the current frame x̃( f ) = [x̃(1, f ), x̃(2, f ), . . . , x̃(Ω, f )]T and those extracted from the previous
(M − 1) frames. Since temporal dependency structures involve important information for analyzing time series
such speech signals, it is expected that a more accurate classification system could be obtained with segmental
features combining more feature vectors. However, it becomes challenging to train a well-generalized model
when the dimension of input data increases, which results in a dramatic increase in the parameter number.

3 Proposed VAD system using gated CNN
RNN, in particular, LSTM, is a natural choice for modeling time series data since the recurrent connection
architectures allow the networks to make a prediction with the entire input time series. However, the deeper
the network architecture becomes, the more challenging its training becomes. Furthermore, it is difficult to
employ parallel implementations for RNNs; thus, the training and prediction processing become computationally
demanding. Motivated by the recent success achieved by CNN in language modeling and speech synthesis, and
the merits of CNN that it is practically much easier to train and well suited to parallel implementation, in this
paper, we propose a VAD classifier using CNN-based neural networks. The VAD decision is finally made by
thresholding a smoothed predicted speech probability series, which is the output of the classifier. The flowchart
of the proposed method is shown in Fig. 2.

3.1 CNN-based VAD Classifier
Considering the fact that spectrograms of audio signals have region dependency (i.e. they have different fre-
quency structures in voiced and unvoiced segments), in particular, we employ gated CNN to model a VAD
classifier P = F (X), where F (·) denotes a nonlinear function modeled with CNN, X = {x̃(ω, f )}ω, f denotes
magnitude spectrograms of mixture signals, and P = {p(d, f )}d, f ∈ R2×F denotes probability series of speech
and non-speech, respectively. Note that P satisfies the constraint that ∑d p(d, f ) = 1. By using Hl−1 to denote
the output of the (l −1)-th layer, the output of the l-th layer Hl of a gated CNN is given as

Hl = (Hl−1 ∗Wf
l +bf

l)⊗σ(Hl−1 ∗Wg
l +bg

l ), (2)

where Wf
l , Wg

l , bf
l and bg

g are weight and bias parameters of the l-th layer, ⊗ denotes the element-wise mul-
tiplication and σ is the sigmoid function. Here, a gated linear unit (GLU) represented as the second term of
(2) is used as a nonlinear activation function, which is the main difference between a gated CNN and a regular
CNN layer. Similar to LSTM, GLU is a data-driven gate, which plays the role of controlling the information
passed on in the hierarchy. Owing to this particular mechanism, it allows us to capture long-range context
dependencies efficiently by deepening the layers without suffering from the vanishing gradient problem as well
as apply different filters to different regions in a data-driven manner. Moreover, to capture the dependency of
frequencies, we use 1-dimensional convolution, where the frequency dimension is regarded as the channel di-
mension, and an input spectrogram is convolved with a (1,kτ) filter. Here kτ is the filter width in the frame
dimension. Dilated convolution [15] is used to efficiently obtain wider receptive field with fewer parameters by
convolving a larger filter derived from the original filter with dilating zeros. Details of the network architecture
we used in experiments are shown in Fig. 3.
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VAD Classifier

Figure 3. Network architecture of proposed VAD classifierThe inputs and outputs are 1-dimensional data. “w”,
“c”, “k” and “d” denote the width, channel number, kernel size and dilation number, respectively. “Conv”,
“BN”, and “GLU” denote 1-dimensional convolution, batch normalization and gated linear unit, respectively.

front

left right

hose-shaped robot

Figure 4. Hose-shaped rescue robot (left) and configuration of recording (right).

3.2 Post-processing: smoothing
After VAD classifier, we perform a temporal smoothing to the output probability series of speech to lessen the
sudden changes of the decision since speech generally remains for a given period after a speech frame has been
detected. The smoothing is applied with a rectangular window having 2L+1 window length

p̂(1, f ) =
1

2L+1

f+L

∑
l= f−L

p(1, l). (3)

Then the decision v̂( f ) is made by thresholding the smoothed probability series p̂(1, f ) with a manually set
threshold θ . Frames with probability larger than the threshold are recognized as voiced frames otherwise un-
voiced frames.

4 EXPERIMENTS
To evaluate the proposed system and investigate the limitation of the existing MLP-based method under high-
level noisy environments, we conducted experiments where both of the systems were used to detect voice
regions in noisy signals recorded by a hose-shaped rescue robot.

4.1 Hose-shaped rescue robot
The hose-shaped rescue robot is one of the robots developed by ImPACT project [4] for search and rescue
operations during large-scale disasters such as earthquakes. This robot is long and slim like a snake, as shown
in the left of Fig. 4, which allows it to investigate narrow spaces where are impossible for a human to enter.
With the microphones attached around the body of the robot, voices of disaster victims can be captured so that
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Table 1. Details of training and test datasets.
Training data (SIM) Test data (SIM) Test data (REC)

Directions of arrival front, right left left

Speakers 2 male and 2 female 1 male and 1 female 1 male and 2 female
(fkn, fks, mho, mht) (ftk, mmy) (fym, mae, msh)

Positions of robot 4 types 2 types 1 type
Vibration levels 2 types 2 types 3 types including no vibration
Number of frames about 13.06 millions about 1.55 millions 7512

rescuers can localize the positions of victims and master the conditions of victims. However, it is challenging to
capture clear voices of victims since the self-created ego noise is always existing, involving the driving sound
of the vibration motors, the fricative sound generated between the cilia and floor and the noise generated by
microphone vibration. Moreover, the energy of ego noise is notably higher than those of voices because of
the close distance between the microphones and noise sources and a relatively low-energy sound of a person
seeking help. This means SNRs of speech signals recorded by the robot are generally low.

4.2 Datasets and experimental conditions
We created two datasets for experiments, namely, simulated dataset (SIM) and recorded dataset (REC), using
the hose-shaped rescue robot and ATR503 speech database [16]. The data in the previous one were generated
by first convolving dry speech sources and measured room impulse responses (RIR), then adding them into the
recorded ego noise signals of the robot with SNR={−30,−25,−20,−15,−10,−5} dB. The room configuration
for measuring RIRs is shown in the right figure in Fig. 4, and the ego noise signals were recorded with 2
types of vibration levels and 4 different positions of the robot. The ground truth was obtained by performing
frequency domain power-based VAD to convolved speech signals following a hangover process. We divided SIM
dataset into two sub-datasets as training dataset and test dataset so that the speakers, direction of arrival were
different between the sub-datasets. REC dataset was generated by recording speech signals from loudspeakers
using the microphones attached to the robot with 2 different vibration levels as well as without vibration. The
sound levels of speech signals were set at {30,40,50,70} dB so that the SNRs of the recorded signals were
about [-30, -20] dB. The ground truth of this dataset was manually labeled. Those data with uncertain labels
were excluded in the experiment. Note that the REC dataset was only used for the test. More details of training
and test datasets are shown in Table 1.
All signals were recorded or generated using the single microphone at the front of the robot with a sampling
rate of 16 kHz. The magnitude spectrograms were calculated with window length and window shift set at 32
ms and 16 ms, respectively. The temporal length for smoothing was set at 11, i.e., L = 5. The threshold was
set at θ = 0.5. We compared two varieties of the proposed systems, namely, gated CNN-based VAD classifier
without/with the post-processing, with two MLP-based VAD classifiers with the post-processing. The inputs
of MLP-based classifiers were segmental features combining 7 frames. Four criteria were used for evaluation.
Namely, 1) Root mean square error (RMSE) of the probability series of speech between the ground truth and
estimated value; 2) Percentage of the accurately detected frames (accuracy; ACC); 3) False acceptance rate
(FAR); and 4) False rejection rate (FRR).

4.3 Results
Table 2 shows the results achieved with MLP-based classifiers with the different number of layers, the proposed
gated CNN-based classifier without post-processing, and the proposed system. Note that RMSE results were
calculated by taking an average of all the data without regard to SNRs and the other criteria were calculated
based on the whole datasets. Although MLP-based systems obtained adequate results in terms of accuracy and
FRR, FAR and some examples shown in the left of Fig. 6 show that MLP-based systems tended to predict all
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Table 2. VAD results of SIM and REC test datasets.
SIM REC

RMSE ACC FAR FRR RMSE ACC FAR FRR
MLP(3 layers) 0.432 0.700 0.866 0.068 0.60 0.700 0.868 0.027
MLP(5 layers, dropout) 0.439 0.692 0.766 0.119 0.466 0.711 0.785 0.050
Gated CNN 0.352 0.848 0.326 0.077 0.451 0.767 0.534 0.084
Gated CNN+smoothing 0.318 0.863 0.325 0.056 0.424 0.770 0.542 0.077

Figure 5. Results in terms of RMSE, ACC, FAR, and FRR under environments with different SNRs.

the frames as speech regions. In contrast, the proposed gated CNN-based systems achieved better performances
in terms of all the criteria with SIM dataset. The detection accuracy was about 85% even in high-level noise
environments. The results also show that smoothing is effective in improving the detection accuracy.
The performances achieved in various SNRs are shown in Fig. 5. The performances tended to decrease when
SNRs decreased, which were reasonable. However, from Fig. 5 and the results obtained with REC dataset
shown in Table 2, the results show that the VAD performances under situations with SNRs lower than −20 dB
decreased rapidly, and the accuracy was lower than 80%, which was unsatisfactory. There is still a massive
space in improving the detection accuracy under environments where SNRs are under −20 dB.

5 CONCLUSIONS
In this paper, we proposed a VAD system that adopts a neural network constructed with gated CNN as speech/non-
speech classifier and applies smoothing as post-processing. We focused on high-level noisy environments where
SNRs are lower than −5 dB and investigated the VAD performances of the proposed system and an existing
MLP-based VAD system under such severe situations. The experimental results showed that 1) the proposed
gated CNN-based VAD system outperformed MLP-based VAD systems; 2) utilizing temporal smoothing as
post-processing was effective in improving the VAD accuracy; 3) the proposed method achieved satisfactory
results under the situations where SNRs were about [-20, -5] dB whereas the performances under the situations
with SNRs lower than −20 dB were unsatisfactory. To break through the limitation of VAD, more efforts need
to be paid in developing systems for environments with extremely low SNRs.
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Figure 6. Examples of detected speech regions. From top to bottom are data in SIM dataset whose SNRs were
−5 dB, −15 dB, and −30 dB, respectively, and an example from REC dataset.
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ABSTRACT 
The paper addresses the problem of measuring free water on the surface of agricultural soils by an accurate 
real-time acoustic method. The generation of free water is the result of a fine balance between the irrigation 
rate and the rate at which the soil can transport water away from the surface and is the primary cause of 
inefficient and environmentally-harmful losses during an irrigation event. The innovative component of the 
project is vested in the development of directional acoustic arrays and sophisticated signal processing which 
can remotely detect free water on the soil surface via changes in reflectivity. The proposed method estimates 
the amount of free water on the soil surface based on the changes in the amplitude of the reflected sound 
waves. Our preliminary results show that sound wave reflectivity depends on the proportion of the soil surface 
covered by water. The presented results are based on both laboratory and field measurements.  
 
Keywords: Acoustic sensor array, Water measurement, Reflected sound wave 

1. INTRODUCTION 
Irrigation provides significant economic benefit to New Zealand and to farmers (1, 2). However, 

when irrigation transports pollutants (nitrogen, phosphorus, sediment, faecal bacteria and other 
microorganisms) to water bodies it degrades water quality and so causes s ignificant environmental 
harm (3-5). A smart technology to improve irrigation by avoiding the transport of pollutants would be 
transformative for both the industry and the environment. Most of the transport of pollutants occurs 
when free water is generated on the soil surface (3). Free water is not bound to the soil surfaces but 
is instead free to flow directly into water bodies, carrying with it pollutants. The conditions on the 
soil surface that lead to free water vary strongly and unpredictably in space and time and current smart 
irrigation technology cannot respond to this variation.  

Soil is a porous medium with a range of pore sizes and a complex geometry of pores (6-8). The 
combination of the size range and geometry of the pores opening to the soil surface, slope and micro-
topography of the soil surface with the rate at which irrigation is applied determines the development 
of small isolated pockets of water and then onto the generation of surface water flow (9, 10). The soil 
surface is naturally rough (9, 11, 12) while the small pockets of water that develop in the surface 
depressions is smooth. As the proportion of the soil that is covered in water increases, and therefore 
the risk of runoff also increases, we expect that the acoustic reflectivity of the soil surface will increase.   

There is a considerable literature around ground surface acoustic reflectance and absorption 
properties (13), as a sound wave travels both directly and via reflections from the surface. The semi -
empirical models of sound propagation depend on acoustic flow resistivity, and other parameters such 
as soil porosity. The acoustic flow resistivity is a measure of the air space volume in the soil near the 

                                                        
1 inverse.acoustics@gmail.com 
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surface with sound penetration being limited to around 10 mm (14). The near-surface nature of the 
acoustic interaction is ideal for the purposes of sensing the presence of free water on the soil surface, 
as water is a more acoustically reflective surface than soil. According to the previous studies, porosity 
and flow resistivity are considered to be the most important soil characteristics that affect acoustic 
impedance. The amplitude of the reflected sound wave is expected to increase as the soil becomes 
more saturated. Rather limited studies can be found in the literature regarding acoustic reflectivity 
and saturated soil conditions (15-19). 

The objectives of this study were to investigate the onset of free water in the soil via changes in 
reflectivity of the sound waves and to develop an inexpensive and accurate free water sensor for 
irrigation systems. The preliminary results presented in this paper are based on both laboratory and 
field measurements. 

2. THEORETICAL ASPECTS OF THE ACOUSTIC SYSTEM 
As described below, we used an acoustic array antenna of length 0.8 m. The ‘far field’ region 

(Fresnel parameter > 1) for this antenna is beyond a range of about 1 m at a frequency of 4 kHz. In 
our laboratory setup, the distance between the array center to  the center of the tray holding the target 
soil surface is 1.56 m (2.6 array diameters). Thus, the “far field” approximations can be used. The tray 
subtends an angle of about ±4° at the array.  

2.1 Phased Array Theory 
A linear array of regularly and closely spaced seven KSN1005A super-horn speakers was 

constructed. This geometry can be described by M omni-directional speakers having spacing (20): 
/d D M  (1) 

where D is the length of the array, giving a normalised intensity pattern 

2

2
20

1
1 2 

1
2

sin kDsinI
I M sin kDsin

M

 (2) 

where k is the wavenumber. The KSN1005A speakers are not omnidirectional, but have an angular 
response, which changes little over the beam-widths. Figure 1 shows the intensity pattern for M = 7, 
d = 0.08 m, f = 1 kHz and 3 kHz, and sound speed c = 340 m s-1. The half-power half beam-width is 
c/(2Mfd), or 17° at 1 kHz. 

 
Figure 1 – The theoretical beam pattern for the M = 7 speaker array at frequencies of 1 kHz and 3 kHz  
We have evaluated the design in the laboratory environment over the frequency range of 0.5 kHz 

to 4 kHz in 100 Hz steps, and with time delays between array elements giving peaks shifts of 0°, ±30°, 
±45°, and ±60°. The angle of sound wave propagation for the phased array can be altered directly 
from the code. Thirty-six frequencies, seven delays, and measurements at sixteen microphone 
positions were conducted. One hundred measurements were taken on average for each of these 
configurations. Figure 2 shows an example of the results for these tests.  
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Figure 2 – Measured beam pattern compared with theoretical at 3.4 kHz and a zero progressive time delay 

between speakers 
There are some variations between theory and measurement around the central beam lobe, and 

larger variations at larger angles. These are most likely due to small variations in speaker gain across 
the seven speakers. This was optimized by the equalization of the gains for all speakers in the final 
configuration. 

2.2 Reflection from Soil and Water  
Reflectivity from soil can be estimated by Attenborough’s 4-parameter model for the acoustic 

impedance of a ground surface (21). Typical values of the model’s parameters are soil porosity = 
0.3, soil tortuosity = 1.35, flow resistivity = 10 – 103 kPa s m-2, and pore shape factor ratio = 0.75. 
Some results are shown in Figs. 3 and 4, using these values. 

 
Figure 3 – Normalised acoustic ground impedance as a function of frequency 

 
Figure 4 – Reflectivity as a function of incident angle 

The greatest frequency variation between water and soil in impedance occurs at low frequencies 
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(Figure 3). However, the highest contrast between a water surface (which is generally considered to 
have a reflectivity of 1) and a soil surface is at higher frequencies (Figure 4). Given the generally 
sharper beam at higher frequencies, and the better soil-water contrast at higher frequencies, the 
optimum operating frequency for future experiments was selected in a range from to 2 to 4 kHz. 

3. LABORATORY BASED MEASUREMENTS 

3.1 Experimental Set Up 
The preliminary experiments were designed to determine how different soil water contents affected 

the amplitude of the acoustic signal. The laboratory set up for these experiments is shown in Figure 
5. 

 
Figure 5 – Layout of the phased array of speakers (at left), the sample tray (center), and the single 

microphone (right)  
The acoustic sensor consists of the phased acoustic transmitting array and an omnidirectional 

microphone. The sample trays measured 0.385 m by 0.285 m with the height of dry soil being 0.75 m 
above the laboratory floor. The dry soil mass was 8.4 kg and estimated soil dry bulk density used for 
these tests was 1.02 kg m-3. The signal amplitudes were recorded for a dry soil, and wet soil with 1 L, 
2 L of water added to the sample tray and an over saturated soil (3 L of water added) conditions. The 
latter sample showed free water covering the soil surface. Soil with added water samples were allowed 
to equilibrate for at least 24 hours under a plastic cover to prevent slow evaporation.  

The laboratory experiments were carried out in an anechoic chamber and experimental code to 
control the acoustic system was created in MATLAB R2015b. 

3.2 Results 
Initial tests were conducted in order to determine whether there is a change in signal strength when 

the soil becomes saturated and pooling of surface water begins  and to what extent. The definition of 
‘saturated’ and ‘pooling’ here is very crude at this stage, and simply referrers to the visually observed 
surface water in a tray. Measurements were conducted on a dry soil, and with 1, 2, and 3 L of water 
added to the sample tray while the acoustic array angle was locked at 45ο. The results of these 
measurements are shown in Figure 6. 
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Figure 6 – Normalised (against the relevant dry soil value) microphone output at selected frequencies in the 

range 0.5 kHz to 3.9 kHz versus water added to the soil sample 
Multiple runs were performed over each sample and at each frequency and an averaged result 

plotted on Figure 6. The errors of these measurements were plotted within the size of data points for 
each measurement. The 1 and 2 L cases give very similar amplitude reflectivity values. All 
measurements on wetted soil shows amplitudes around 50% higher than for dry soil measurements 
and the amplitudes for 3 L added water dramatically increased compared to the 1 and 2 L water added 
to the dry soil. In addition, these measurements showed that variability increased above a frequency 
of about 3 kHz. The variability above 3 kHz is most likely due to some direct sound combining 
destructive and constructively with the reflected sound. 

4. PRELIMINARY FIELD TESTING OF THE ACOUSTIC SYSTEM 
 

4.1 Experimental Set Up 
The geometry comprised the speaker array mounted on a tripod and angled at 45° and at the height 

of the single microphone, which was also on a tripod. Between the two, near the ground, a soil-filled 
pan with dimensions 0.6 x 0.44 m was placed. This pan was set up a manometer so that water level 
could be continuously varied. On a frame above these items a downward facing 3D structured light 
camera (Intel RealSenseTM Depth Camera D415) viewed the earth-filled tray, so that its topology 
could be recorded, including any pooled water. To one side of the array-microphone line a GoPro 
camera (GoPro Hero 2018) also recorded the surface conditions in the tray (Fig. 7). 

  
Figure 7 –A schematic diagram of the first field experimental set up with the dimensions.  

Sinusoidal pulses of various frequencies and of 10 ms duration were generated and directed toward 
the soil-filled pan. There are multiple paths to the microphone from each of the seven speakers: 
directly across the space between speaker and microphone; and bouncing off the soil and surrounding 
platform and then back upward to the microphone. Acoustic foam placed around the edges of the soil-
filled pan helped to reduce the unwanted reflections from the platform. 
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4.2 First Field Experiment Results 
In these experiments, all soil samples were initially wet. The “most saturated” example had water 

ponded on the surface. Figure 8 shows that, over a range of frequencies centred on ~ 3 kHz, there was 
a clear and consistent demarcation between the ponded water condition and the soil surface condition 
of wet but not ponded. 

 
Figure 8 – The relative amplitude of the correlated outputs for a range of frequencies and for a ponded soil 

surface (blue) and a wet but non-ponded soil surface (red). 
The field experiment showed that the basic setup worked outside of the acoustically-controlled 

laboratory environment. There was a good separation between a soil surface that was merely wet and 
a surface that was ponded.  

4.3 Second Field Experiment Results 
The acoustic reflectivity experimental procedures during the second field test were carried out in 

a similar way to the first test. The dimensions and respective distances are indicated in Figure 9. The 
main difference was in the acoustic signal codes used during this experiment. This time a 13-step 
Barker code (22) and a two-tone signal were tested on a range of soil conditions in order to increase 
acoustic sensor performance and tolerance towards environmental sources of noise. Acoustic 
reflectivity measurements were done for a range of surface wetting conditions (controlled using the 
manometer), and for frequencies 2.5 kHz – 4.5 kHz with a 0.4 kHz step. Both a tonal pulse, and a 13-
step Barker phase-encoded pulse were evaluated. The Barker code was found to give clearer signals.  

 
Figure 9 – A schematic diagram of the second field experimental set up with the dimensions. 

The 3.3 kHz frequency consistently gave the greatest amplitudes, most likely due to the efficiency 
of the speakers being high at this frequency (note that the microphone response is flat with frequency). 
The set up was also tested on a soil sample when it was covered with short grass and it was found 
grass and its roots in the soil had no clear effect on measured signals during these experiments. 

Figures 10 and 11 are characteristic of these results and the errors of these measurements were 
plotted within the size of data points for each measurement.  Figure 10 demonstrates changes of the 
amplitude of the reflected acoustic signal when soil tray was slowly filled in with water, and shows 
changes as more and more of the soil surface depressions became filled with water over time. During 
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this experiment, the measurements were progressively done from dry soil to the state where all the 
soil surface depressions were connected and filled with water.  

 
Figure 10 – Normalised amplitude response using a 13-step Barker code for 3.3 kHz (Filling) 

Figure 11 shows the reverse process, where initially all the soil surface depressions were connected 
and filled with water, and at the final stage water was slowly drained from the soil tray over time 
leaving a wet soil surface. 

 
Figure 11 – Normalised amplitude response using a 13-step Barker code for 3.3 kHz (Emptying) 

There is a similar variation in measured amplitude at all frequencies. Here the percentage of the 
tray covered in free water is compared with the normalised acoustic amplitude response. There is a 
very clear increase in acoustic output up to a free water coverage of 40%, and some indication that 
the amplitude falls off at very high water coverage. A 13-step Barker code gave best results with 
respect to signal-to-noise ratios. The trends shown in Figures 10 and 11 are reproducible and similar 
for both experiments. Figure 11 is lacking the data points for the conditions from 0 to ~ 10% and ~ 
90% of soil area covered with water, as during the second experiment, the soil absorbed some water 
and was wet, while in the first experiment it was initially dry. 

5. CONCLUSIONS 
Preliminary work to develop an acoustic sensor to measure free water on the soil surface was 

carried out and the sensor system has undergone testing in both laboratory and field  environments. 
Angles from 30ο to 60ο were tested during the laboratory stage of the sensor development. Based on 
those results, an angle of 45° was chosen for further testing in the field. The optimal range of 
frequencies was found to be between 2.5 – 4.5 kHz. This was established over different soil conditions 
including presence of short grass. Two different acoustic signal codes were tested. It was found that a 
13-step Barker code gave better signal-to-noise tolerance compared to more simple tonal signals. The 
amplitude of the reflected acoustic signal increased with both soil moisture and the proportion of the 
soil surface covered in water. Our preliminary field results show that the acoustic response is reliable 
for measurements of the soil surface area covered with water in a range from ~ 10 to ~ 80%, while 
there are some inconsistencies in acoustic data outside of this range. These inconsistencies might be 
associated with the prevalence of diffuse components over the specular components in the sound 
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waves reflected from the soil surface, as these measurements are close to the lower or higher end of 
different soil conditions. Although the registered signal appeared to be a bit more scattered, it was 
found that short grass did not significantly adversely affect the measured acoustic signal amplitude.  
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ABSTRACT 
Recently, several new studies for recording sound have been conducted on extracting sounds from images of 
an object surface vibrated by sound waves. This method can capture the sound by a high-speed camera instead 
of an air conduction microphone. However, this method is unpractical due to higher cost of the high-speed 
camera. In this paper, we propose a new sound capture method with lower cost using a rolling-shuttered 
visual camera. This camera uses a CMOS (complementary metal-oxide-semiconductor) image sensor and 
sequentially writes an image from the top row to the bottom row. Therefore, when a moving object is 
photographed, a rolling-shutter distortion occurs due to the different writing time for each row. The proposed 
method uses the edge detection to emphasize the edge of the rolling-shutter distortion caused by 
photographing the vibrating object. Then, the proposed method resamples the edge as the amplitude of the 
sound wave. As a result of the sound capturing experiment, we confirmed that the proposed method can 
capture pure tone sound below 1,000 Hz from the image photographed by the CMOS image sensor. 
 
Keywords: Sound capture, Rolling-shuttered visual camera, CMOS image sensor, Edge detection 

1. INTRODUCTION 
A typical air conduction microphone captures not only the target sound but also the noise emitted 

from the sound sources surrounding of the microphone. Recently, for the purpose of only target sound 
capture, several sound capture methods by measuring the vibration of objects affected by sound waves 
have been proposed [1, 2, 3]. In [1], a laser Doppler vibrometer is used and captures sound by 
irradiating a vibrating object with laser light and measuring difference between the reflected light and 
the reference light. In [2, 3], a high-speed camera is used and directly captures sound by photographing 
the vibration of the object and measuring the displacement of surface. In these methods, it is possible 
to capture only the target sound by measuring the vibration of the object near the target sound source. 
However, these methods are unpractical due to high cost of the laser Doppler vibrometer or that of 
the high-speed camera. 

We propose a new sound capture method from the image of the vibrating object affected by sound 
waves with a rolling-shuttered visual camera. This camera is widely used in digital cameras and 
smartphone cameras [4]. Thus, the cost of the proposed method is lower than that of the conventional 
methods. This camera uses a small image sensor called complementary metal-oxide-semiconductor 
(CMOS) image sensor that senses light and converts it into an electrical signa l. The CMOS image 
sensor sequentially writes an image from the top row to the bottom row. Therefore, when 
photographing a moving object, rolling-shutter distortion occurs in the image due to the difference in 
photographing time between each row [5]. In this paper, we use the rolling-shuttered visual camera to 
photograph the surface of a vibrating object. The proposed method uses the edge detection to 
emphasize the edge of rolling-shutter distortion caused by sound waves, and measures displacement 
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of vibration to capture the sound affecting the object. We conducted an experiment to confirm the 
performance of the proposed method. 

2. Image capture with CMOS image sensor 
In this paper, we use the rolling-shuttered visual camera to photograph the surface of a vibrating object 

affected by sound waves. This camera is widely used in digital cameras that built into smartphone because 
of its small size and low power consumption [4]. It employs a CMOS image sensor as the imaging device. 
When the moving object is photographed by this sensor, rolling-shutter distortion occurs due to the difference 
in photographing time between each row. The principle of the CMOS image sensor and rolling-shutter 
distortion are shown in Fig. 1. Photographing with CMOS image sensor is performed by energizing and 
exposing a photodiode disposed in a pixel and converting received light into electrical signal. In order to 
reduce the power consumption at photographing, the CMOS image sensor performs exposure by energizing 
the photodiodes sequentially from the top row to the bottom row. Therefore, when photographing a moving 
object, the position of the object changes during exposure from row to row. This positional deviation is called 
rolling-shutter distortion [5]. Sound waves propagate to the environment as air pressure fluctuations. Hence, 
the surface of the object near the sound source vibrates due to affection of the sound wave. The exposure 
sampling frequency of the CMOS image sensor is sufficiently higher for human audible sound. As a result, 
the rolling-shuttered visual camera can photograph surface vibration of the object affected by sound waves 
as rolling-shutter distortion. In other words, we can capture the sound affecting objects by detecting the 
rolling-shutter distortion caused by sound waves on the image of vibrating object.  

3. Sound capture based on edge detection from the image 
In this paper, we propose a new sound capture method by measuring the displacement of the vibrating 

object affected by sound waves based on the edge detection for the rolling-shutter distortion. For simply 
explanation, we assume the situation of photographing straight lines on a paper in this section. The overview 
of the proposed method is shown in Fig. 2. The photographed image is stored as a grayscale image source of 
a matrix having only light intensity values 0-255 for each pixel. At first, the proposed method detects the 
edge of the grayscale image using Canny operator [6] which is one of the most widely used because of its 
robustness to various image size [7, 8]. The edge detection using Canny operator has four steps as follows. 

 Figure 1 – Principle of CMOS image sensor and rolling-shutter distortion. 
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Step 1: Low pass filtering with Gaussian filter 
Gaussian smoothing filter is used to remove impulse noise on the image. In this paper, we use the  
neighborhood kernel which is one of the most widely used for Gaussian filter. The  neighborhood 
image source   and the kernel of Gaussian filter   are respectively shown in Eqs. (1) and (2). The 
smoothed image  by Gaussian filter is given by Eq. (3). 

 (1) 

(2) 

(3) 
where  is a pixel value of the input image at coordinate  and symbol ‘ ’ is a convolution operator. 
  
Step 2: Image gradient calculation with Sobel filter. 
Sobel filter is used to calculate the gradient and gradient direction of each pixel. Each directional kernel of 
Sobel filter  is shown in Eq. (4). 

(4) 

The gradient  and the gradient direction  of each pixel are given by Eqs. (5) and (6). 

 (5) 

 (6) 

where  is the  neighborhood smoothed image. 

Figure 2 – Overview of the proposed method. 
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Step 3: Non-maximum suppression (NMS) 
NMS is adopted to obtain the accurate positioning and refinement edge. If the target pixel’s gradient is not 
maximal value among the three pixels adjacent in the gradient direction , the gradient is set to 0. The 
gradient image adopted NMS  is given by Eq. (7). 

 
Step 4: Hysteresis threshold 
The hysteresis threshold is adopted to check and connect edges. The hysteresis threshold binarizes the image 
with two thresholds  and . If the gradient  is larger than , its pixel value  is set to 
255 as the edge. If it is smaller than , its pixel value is set to 0 as the non-edge. The pixels that gradient 

  is between the two thresholds are set to 255 as long as there is at least one edge pixel around it; 
otherwise they are set to 0. From these steps, a binarized image  is obtained by Canny operator. The 
proposed method adopts resampling and standardization to capture sound from the binarized image . 
 
Resampling 
In the binarized image ,  coordinates indicate displacement of surface vibrations and  coordinates 
indicate time index  of the acquired signal. Thus, the proposed method stores  coordinates to edge of 
each row sequentially as the amplitude of the acquired signal. Then, resampling is performed according to 
sampling frequency of the acquired signal and that of the CMOS image sensor. The acquired signal  is 
given by Eq. (8). 

 (8) 

where  is time index of the acquired signal,  is the sampling frequency of the acquired signal,  
is that of CMOS image sensor,  is a pixel value of the binarized image , and height is max value of 

 coordinate.  
 
Standardization 
The proposed method can capture acquired signal from the image by resampling. However, as shown in Fig. 
2, all amplitudes of the acquired signal are positive values because these are calculated as the amount of 
deviation from the y-axis of the image. Therefore, it is necessary to convert the amplitude average to 0. The 
proposed method divides the acquired signal into short time frames and performs standardization so that the 
amplitude average of each frame is 0. By standardizing for each short time frame, it reduces low frequency 
noise included due to factors such as paper inclination. The lth frame of the captured sound  is given 
by Eq. (9). 

 (9) 
where  is average of the acquired signal at th frame. We can obtain the sound that vibrates the object 
as the captured sound  by connecting frame . 
 
 
 
 
 

 

 

 

 

 

 

 

 

(7) 

2881



 

4. Sound capture experiment 

4.1 Experimental conditions 
We carried out an experiment to evaluate the performance of the proposed method. The 

experimental arrangement and vibrating object are shown in Fig. 3. The experimental conditions are 
shown in Table 1. In this experiment, we used a half colored paper of A4-size as a vibrating object, 
and the boundary of the colored paper was located in 10 mm front of the loudspeaker. In addition, in 
order to obtain sufficient illuminance, a light projector was used as a light source because a CMOS 
image sensor in a dark place generates a lot of noise in the image. The experiment was conducted 
under the light source. As sound sources, pure tone sounds with 400 Hz, 1,000 Hz, and 1,600 Hz were 
respectively used and emitted from the loudspeaker. In this experiment, the height of each image 
source is 1,080 pixels and the sampling rate of the CMOS image sensor is 48,000 Hz. This means the 
proposed method can capture the sound of 25 ms length from one image source.  

4.2 Experimental result 
Image sources and binarized images are respectively shown in Figs. 4 and 5. In this section, for 

simply explanation, image sources and binarized images are displayed rotated 90 degrees and trimmed. 
Thus, the vertical direction indicates the displacement of the vibrating object and the horizontal 
direction indicates the time information by the CMOS image sensor. From Fig. 4, the amplitude of 
vibration affected by higher frequency sound is smaller than that of lower frequency sound. That is 
because an object with mass has a small displacement by a higher frequency sound.  For this reason, 
from Fig. 5, edge detection accuracy of higher frequency sound is lower than that of lower frequency 
sound. It is considered that the captured sound distorts due to low edge detection accuracy. 

Figure 3 – Experimental arrangement and vibrating object. 

Table 1 – Experimental conditions. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Environment 
Soundproof room 

( ) 

Background noise  

Temperature / Humidity  /  

Sound source 
Pure tone 

 

Sound pressure level  

Sampling frequency / bitrate  / 16 bits 

Rolling-shuttered camera Canon, EOS 5D Mark  

Lens Canon, MP-E 65 mm f/2.8 1-5x 

Size of image source  

Light source LED light (10,000 lm) 
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Waveforms and power spectra of each captured sound are respectively shown in Figs. 6 and 7. 
From Fig. 6, as we expected, distortion of higher frequency sound is larger than that of lower 
frequency sound. From Fig. 7, we can confirm the peak at contained frequency of each sound. In other 
words, the proposed method can capture the sound from the image source. Furthermore, the SNR of 
the captured sound with higher frequency sound is worse than that of lower frequency sound due to 
distortion of its waveform. In particular, for the pure tone with 1,600 Hz, the power of the captured 
sound is lower than that of noise. For that reason, when capturing sound which contains frequencies 
above 1,600 Hz, it is necessary to use a high-zoom camera or a lens to photograph the sufficient 
displacement for detecting edges and reducing distortion. In addition, it is considered that performing 
weighted summation at multiple locations for edge detection is useful to emphasize the higher 
frequency sound. From these results, the proposed method can capture sound from the image 
photographed by the rolling-shuttered visual camera and the problems are clarified. 

Figure 4 – Image source. 

Figure 5 – Binarized image. 

Figure 6 – Waveform of captured sound. 

Figure 7 – Power spectra of captured sound. 
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5. CONCLUSIONS 
In this paper, we proposed the new sound capture method from the image of the vibrating object 

affected by sound waves with a rolling-shuttered visual camera. The proposed method uses the edge 
detection to emphasize the edge of rolling-shutter distortion caused by sound waves, and measures 
displacement of vibration to capture the sound affecting the object.  We conducted an experiment to 
confirm the performance of the proposed method. From the experimental results, we confirmed that 
the proposed method can capture pure tone sound with 1,000 Hz from the image photographed by the 
rolling-shuttered camera. In addition, we also confirmed that extracting higher frequency sound is 
more difficult than lower frequency sound due to small displacement of vibration. In the future, we 
intend to utilize acoustics signal processing to emphasize higher frequency sound and movie sources 
to capture various sounds. 
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Abstract
Many audio signal processing methods are formulated in the time-frequency (T-F) domain which is obtained by
the short-time Fourier transform (STFT). The properties of the STFT are fully characterized by window function,
number of frequency channels, and time-shift. Thus, designing a better window is important for improving the
performance of the processing especially when a less redundant T-F representation is desirable. While many
window functions have been proposed in the literature, they are designed to have a good frequency response for
analysis, which may not perform well in terms of signal processing. The window design must take the effect
of the reconstruction (from the T-F domain into the time domain) into account for improving the performance.
In this paper, an optimization-based design method of a nearly tight window is proposed to obtain a window
performing well for the T-F domain signal processing.
Keywords: Discrete Gabor transform (DGT), Short-time Fourier transform (STFT), Window design, Speech
enhancement, Non-convex optimization.

1 INTRODUCTION
Many audio signal processing methods are formulated as modifications of the signal in the time-frequency (T-F)
domain, which is often called T-F masking. For converting the signal into the T-F domain, the short-time Fourier
transform (STFT) [1]1 is usually utilized owing to its simplicity and easily understandable structure [2–9]. While
most of the research has concentrated on the method of modification in the T-F domain (the way how to
construct a T-F mask), the method of converting a signal into the T-F domain is also important for improving
the performance of processing.

When STFT is considered as the conversion to the T-F domain, its property is fully characterized by the
window function since STFT is a highly structured transform. Aiming to obtain a better T-F representation,
many window functions have been proposed to improve their frequency responses [10–16]. For example, the
Hann window is one popular window which has a good sidelobe decay. The Nuttall window was proposed
to achieve a better sidelobe decay, while the Kaiser window was proposed so that its frequency response was
adjustable by a tuning parameter. Although such research on window functions has provided a better T-F
representation, most research only has considered the analysis side. That is, there is little research on window
functions considering the reconstruction point of view.

To realize processing in the T-F domain, the signal must be reconstructed back into the time domain after the
T-F-domain processing. The reconstruction side of STFT is achieved by the (pseudo-) inverse STFT which also
involves a window function. Therefore, for the T-F domain signal processing, a window function must be chosen
in accordance with not only STFT but also the inverse STFT. Indeed, incorrect choice of the pair of window
functions (for STFT and the inverse STFT) makes reconstruction impossible. To allow a reasonable window for
the reconstruction, the T-F representation is usually chosen to be redundant, and the error-minimizing window
called the canonical dual window is often used for the reconstruction (see Section 2).

For some applications favoring less redundant T-F representation, choice of the window function is more
critical for the reconstruction (and thus, critical for processing). One example is T-F masking in low-power
devices which allow a little computation [17, 18]. In such cases, redundancy should be lowered because higher
redundancy directly results in higher computational cost. Another very important example is speech enhance-
ment based on deep learning. Recent study has shown that non-redundant T-F representation can improve

1 STFT is also often called the Gabor transform based on [1]. Note that some literature strictly distinguishes STFT from the Gabor transform
by their mapping properties [2], while others do not. In this paper, we may utilize the term “STFT” in the sense of the discrete Gabor transform
(DGT), which is a common habit especially in the acoustical signal processing community.
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the performance of enhancement using deep neural networks (DNN) [19]. This is because less redundant T-
F representation reduces the number of parameters to be learned, which makes the training easier. For those
applications, redundancy of STFT should be lowered by increasing the window shifting width. However, the
inverse transform becomes more sensitive to the error of signal processing when the redundancy is reduced (see
Section 2.3), which also degrades the performance. Although there exists a type of window insensitive to such
processing error, called tight window, it has a drawback that its frequency response is often poor (sidelobe level
is high). Therefore, a window function which is less sensitive to processing error and, at the same time, has a
good frequency response is desired for realizing a better processing in a less redundant situation.

In this paper, we propose a window design method to simultaneously meet both requirements. It aims to
make a window function closer to a tight window, while its frequency response is constrained to be better. Since
the designed window is not strictly tight, we call it nearly tight window. The proposed method is formulated
as an optimization problem so that it can easily control the trade-off between the two requirements, and it is
solved by the linearized alternating direction method of multipliers (ADMM).

2 PRELIMINARIES
While the discrete and downsampled T-F transform is called “STFT” in acoustical signal processing, the liter-
ature of T-F analysis calls it the discrete Gabor transform (DGT) [2]. Hereafter, we will utilize the language
used in DGT to express the T-F representation because it will be easier for explaining the proposed method.

2.1 Gabor system and discrete Gabor transform (DGT)
Let a window be denoted by g = [g[0],g[1], . . . ,g[L−1]]T ∈ RL. DGT is a T-F transform based on a collection
of windowed sinusoids,

G(g, a,M) = {gm,n}m=0,...,M−1, n=0,...,N−1 , (1)

which is called the Gabor system, where a ∈ N is the time-shifting width, M ∈ N is the number of frequency
channels,

gm,n[l] = ei 2πml
M g[l − an], (2)

is a windowed complex sinusoid, and i =
√
−1. DGT of a discrete signal f ∈ RL is defined by the following

inner product:

(Ggf)[m+ nM ] = 〈f ,gm,n〉 =
L−1∑
l=0

f [l] gm,n[l], (3)

where x is the complex conjugate of x, and Gg ∈ CMN×L is the matrix consisting of all the elements in
the Gabor system in Eq. (1). That is, multiplying Gg to a signal obtains the vectorized version of its T-F
representation which is often called “spectrogram.”

2.2 Reconstruction of time-domain signal from T-F domain
A system G(g, a,M) is said to be a frame [20, 21] if there exist 0 < A,B <∞ such that

A ‖f‖2
2 ≤

∑
m,n

|〈f ,gm,n〉|2 ≤ B ‖f‖2
2 , (4)

for all f ∈ RL, where ‖ · ‖p is the `p norm. A and B are called the lower and upper frame bound, respectively.
If the Gabor system is a frame, a time-domain signal can be reconstructed from its T-F domain representation.
The inverse DGT, reconstructing a signal from its coefficients c ∈ CMN , with respect to G(g, a,M) is defined
by

fsyn =
∑
n,m

c[m+ nM ] gm,n = G∗gc, (5)

where G∗g denotes the complex-conjugate transpose of Gg. If a Gabor system G(g, a,M) is a frame, then there
exists the corresponding dual Gabor frame G(h, a,M) = {hm,n} which satisfies

f =
∑
n,m

〈f ,gm,n〉hm,n, (6)
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where hm,n[l] = ei 2πml
M h[l − an], and h is a dual window of g. That is, a time-domain signal can be recon-

structed if (1) G(g, a,M) is a frame, and (2) h is a dual window of g. These conditions are decided by the
window pair g,h, the time-shifting width a, and the number of frequency channels M .

When a Gabor system G(g, a,M) is redundant, the corresponding dual window h is not unique, and in-
finitely many variation of h can satisfy the reconstruction formula, Eq. (6). One standard choice among all
possible dual windows is the canonical dual window

g̃ = S−1
g g, (7)

where Sg = G∗gGg is the so-called frame operator defined as

Sgf =
∑
m,n

〈f ,gm,n〉gm,n = (G∗gGg) f . (8)

The canonical dual window is optimal in the sense that its synthesis operator corresponds to the Moore–Penrose
pseudo-inverse: ∑

n,m

c[m+ nM ] g̃m,n =
∑
n,m

c[m+ nM ] S−1
g gm,n = (G∗gGg)−1G∗gc. (9)

In this paper, the canonical dual window is considered for inverse DGT as it is the standard choice in acoustical
signal processing. One reason for such popularity should be because of the optimality to the following least
squares signal reconstruction problem:

minimize
x

‖Ggx− ĉ‖2
2 , (10)

whose solution is G∗g̃ĉ as can be confirmed from the fact in Eq. (9).

2.3 Influence of window functions on signal processing
A signal processing framework in T-F domain is illustrated in Figure 1. In words, some processing is per-
formed in the T-F domain to modify the Gabor coefficient c to ĉ, and then the inverse DGT is applied to
obtain the processed result f̂ . While the quality of the processing is important for obtaining a good result, the
transformation pair, DGT and inverse DGT, is also important since it decides the coefficient c.

To see the effect of the window pair in terms of T-F domain signal processing, a preliminary experiment
was performed. 200 speech signals [22] from TIMIT database [23] were degraded by adding the Gaussian noise
in the time domain so that the signal-to-noise ratio (SNR) became 0 dB. They were enhanced by the Wiener
filter (T-F masking based on the power ratio of noisy and clean signals) with a minimum mean-square error
(MMSE) estimator of noise power [8] and the decision-directed approach [6]. The redundancy was changed by
changing a while fixing the window length to 256 and M = 256. Its performance was compared with the ideal
Wiener filter and the condition number of Gg,

κ(Gg) = σmax(Gg) / σmin(Gg) =
√
B /A , (11)

which is the standard measure of numerical stability of Eq. (9), where σmax(Gg) and σmin(Gg) denote the
maximum and minimum singular value of Gg, respectively.

Three types of window functions were utilized for comparison: the Hann window, the Kaiser window (α =
10), and the canonical tight window of the Kaiser window. A window gT is said to be tight if its canonical
dual window is itself (i.e., self-dual) [24]. Then,

S = G∗gT
GgT = A I (12)

holds, where I is the identity. Thus, the condition number of a tight window is always 1. Particularly, a tight
window with A = 1 is called the Parseval tight window. The canonical tight window of a window g can be
obtained by inverting square root of the frame operator:

gT = S−
1
2

g g, (13)
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Gabor coefficients

Inverse DGTDGT
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Figure 1. Framework of the signal processing in the T-F domain.

Figure 2. (left) Condition number of the DGT matrix κ(Gg). (center) Denoising result using the ideal Wiener
filter. (right) Denoising result using the Wiener filter with MMSE noise power estimation.

which corresponds to the solution of the following problem [25]:

minimize
x∈T

‖g− x‖2 , (14)

where T is the set of all Parseval tight windows. Thus, the canonical tight window is the closest Parseval tight
window from the window g.

Results of the experiment are shown in Figure 2, where SNR is the average among all speech signals. For
both ideal and realistic Wiener filters (center and right), the processing performances of the Hann and Kaiser
windows were degraded as the redundancy decreased (horizontal axes are related to the redundancy). In contrast,
the performance of the tight Kaiser window was not degraded much. These results can be predicted from the
condition numbers (left). Based on this experiment, a window g should be designed so that the condition
number κ(Gg) becomes lower. A tight window is the best window in this sense because its condition number
is the lowest. However, as in the figure, a tight window is not always the best in terms of processing, which
is because the frequency response of a tight window is usually not better than one of a non-tight window (see
Figure 3). Therefore, in this paper, a design method of a nearly tight window is proposed so that the condition
number is lowered while its frequency response is kept well.

2.4 Related works on Gabor window design
For designing a low-condition-numbered window, design methods of tight windows have been proposed [26,27].
These methods aim to find a tight window with better frequency responses. However, since the constraint to
the tight window greatly limits the set of variables, desired characteristics may not be obtained.

On the other hand, some methods of nearly-tight window design have been proposed [28–30]. One ap-
proach of this research is to minimize the difference between the frame operator and identity operator using the
gradient-based optimization [28, 29]. These methods minimize the distance to the set of tight windows by the
gradient method, whereby they have a possibility of falling into the local minima. Another approach is to re-
place the non-convex cost of measuring the distance to the tight window with convex functions [30]. Since that
method is formulated as convex optimization, it is guaranteed that globally optimal solutions can be obtained,
so a trade-off between the condition number and the frequency response can be easily considered. However,
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as a result of approximating the cost function, the obtained solutions may not be close to the original solution
which is tight. The cost should be reduced strictly without approximation, while the trade-off should be easily
adjusted.

3 PROPOSED METHOD
In this section, we propose a design method of nearly tight window that can easily control the trade-off between
the desired frequency response and the condition number. At first, we formulate the nearly tight Gabor window
design as a constrained minimization problem. Then, an algorithm solving this problem through the proximal
operators is introduced. Since a window whose support is shorter than the signal length is used in most signal
processing, the formulation considers g[l] = 0 for l = K, . . . , L−1, i.e., only g[l] (l = 0, . . . ,K−1) are treated
as the variables in this paper.

3.1 Problem formulation for designing nearly tight window
To propose an easily adjustable window function design, the desired frequency response is considered as a
constraint, and the window is made closer to a tight window as possible. Its direct formulation is

minimize
g∈C

1
2d

2
T (g), (15)

where dT (g) is the distance to the set of Parseval tight windows T ,

dT (g) = min
x∈T
‖g− x‖2, (16)

and C is the set of windows satisfying the desired frequency response. Since the magnitude response should be
considered in decibels for audio applications, a popular choice for the set C to constrain the frequency response
into desired one, in filter design [31], is

C = {g ∈ RK | ‖ log10 |F̃g| − log10 d‖∞ ≤ log10 β}, (17)

where d ∈ RK̃+ (K̃ ≥ K) is magnitude of the desired frequency response, F̃ ∈ CK̃×K is the zero-padded
discrete Fourier transform,

F̃[m,n] = 1√
K̃

e−i 2πmn
K̃ , (18)

and β ≥ 1 is a parameter for controlling the amount of error. However, directly treating this constraint is not
easy because taking difference after absolute value results in the non-convex set.

Since the requirement in window design (in contrast to filter design) is to lower the sidelobe level towards
zero (i.e., increasing the magnitude of sidelobe is usually not desired), it should be sufficient to constrain only
the upper bound. Based on this observation,

C̃ = {g ∈ RK | |(F̃g)[n]| ≤ βd[n] for n = 0, . . . , N − 1}, (19)

is considered as the constraint set instead of Eq. (17). Consequently, our formulation becomes a minimization
problem on the convex set:

minimize
g∈C̃

1
2d

2
T (g). (20)

This model directly handles the distance function dT instead of approximation as in [30], while the desired
frequency response is strictly imposed by the constraint C̃ as opposed to [28, 29].

3.2 Algorithm for solving problem using linearized ADMM
To solve Eq. (20), linearized ADMM [32–34] is utilized in this paper. It is an algorithm solving problems
written in the following form:

minimize
x

F (x) + G (Ax), (21)
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Figure 3. Designed nearly tight windows by the proposed method. Each column shows (from left to right)
the obtained window shapes, their frequency responses, their condition numbers, denoising results for the ideal
Wiener filter, and those for the Wiener filter with MMSE noise power estimation. Each row shows (from top
to bottom) the results of the Hann-based windows for a = 128, 192, and those of the Kaiser-based windows
(α = 10) for a = 128, 192. The transition of colors from blue to yellow represents a change in parameter β
of the proposed method, where the blue represents go and brighter color (larger β) means closer to tight. Red
lines indicate the canonical tight window of go.

where F (x) and G (x) are proper lower semi-continuous functions, and A is a linear operator. By using the
proximity operator [34],

proxρF (x) = argmin
y

{
F (y) + 1

2ρ‖y− x‖2
2

}
, (22)

the linearized ADMM algorithm is given as the following procedure:

x[k+1] = proxµF

(
x[k] − µ

λ
A∗(Ax[k] − z[k] + u[k])

)
, (23)

z[k+1] = proxλG (Ax[k+1] + u[k]), (24)

u[k+1] = u[k] + Ax[k+1] − z[k+1], (25)

where λ and µ are real numbers satisfying 0 < µ ≤ λ/‖A‖2
op, and ‖ · ‖op is the operator norm.

For applying this linearized ADMM algorithm to Eq. (20), it is rewritten as the equivalent problem having
the form of Eq. (21):

minimize
g

1
2d

2
T (g) + ι(F̃g), (26)

where ι(z) is the indicator function corresponding to Eq. (19),

ι(z) =
{

0 (|z[n]| ≤ βd[n] for n = 0, . . . , N − 1)
∞ (otherwise) . (27)
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Then, Eq. (26) is solved by iterating the following procedure:

g[k+1] = prox µ
2 d

2
T

(
g[k] − µ

λ
F̃∗(F̃g[k] − z[k] + u[k])

)
, (28)

z[k+1] = proxι(F̃g[k+1] + u[k]), (29)

u[k+1] = u[k] + F̃g[k+1] − z[k+1], (30)

where prox µ
2 d

2
T

(·) and proxι(·) in Eqs. (28) and (29) are given by

prox µ
2 d

2
T

(g) = 1
1 + µ

g + µ

1 + µ
S−

1
2

g g, (31)

proxι(z)[n] = min
{
β

d[n]
|z[n]| , 1

}
z[n]. (32)

Thanks to the property of the canonical tight window in Eq. (14), Eq. (31) can be expected to give an appro-
priate descent direction even though the cost function d2

T is non-convex. Therefore, this algorithm should be
able to effectively manage the difficulty associated with the non-convexity of d2

T .

4 NUMERICAL EXPERIMENTS
The shapes, frequency responses and condition numbers of the windows designed by the proposed method were
compared with the denoising performance provided by the same experiment in Section 2.3 using ideal and
MMSE Wiener filters. For the initial window inputted to the algorithm, the Hann and Kaiser windows, whose
energies were normalized to a/M , were chosen in accordance with Section 2.3. By iterating the algorithm from
these windows denoted by go, the designed windows are expected to have characteristics similar to go with a
better condition number. The frequency responses d for the constraint set C̃ were constructed by interpolating
the maxima of log10|F̃go| by the cubic C2-splines.

The obtained nearly tight windows by the proposed method and the denoising results for a = 128, 192 are
summarized in Figure 3. When the parameter β was set to a higher value (brighter color), then the obtained
windows got closer to a tight window, which can be confirmed by the condition numbers. Note that the canon-
ical tight window has the highest level of the first side lobe which may prevent a denoising method to be work
correctly. It can be seen that some windows obtained by the proposed method outperformed both the original
window (blue) and the canonical tight window (red) in terms of the denoising results. These results indicate
that the proposed method can design a window having better characteristics for T-F domain signal processing
than the original and the canonical tight window. The performance was adjustable by the single parameter β,
which enables to look for a better window by a simple line search.

5 CONCLUSION
In this paper, the nearly tight window designing method for signal processing in the T-F domain is proposed.
The proposed method can obtain nearly tight windows having desired frequency responses, which can result in
a better performance of T-F masking than those of original and canonical tight windows. Future work includes
the automatic adjustment of β as well as the generalization of the method.
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ABSTRACT 
A visual microphone has been proposed to capture the distant sound. This microphone captures the sound 
from high frame-rate video by using the pixel difference. It is expected to be applied in surveillance cameras 
because it is robust to be affected by the sound distance. However, this capturing method is unpractical due to 
expensive-equipment requirement. In this paper, we attempt to realize inexpensive visual microphones by 
using a still camera with a CMOS image sensor. A CMOS image sensor shoots the image including 
rolling-shutter distortion. An image shot with the CMOS sensor has short time displacement information 
because the sensor sequentially writes image to each line. Therefore, it is possible to capture sound from an 
image without the high frame-rate video in case of acoustic signals can be extracted from the short time 
displacement information included in the image. However, lower frequency noise is included in the captured 
sound using the sensor due to the inclination and distortion of the object to be photographed. This noise 
depends on the exposure-time of the sensor. We thus propose a noise reducing method for the captured sound 
by a digital filter considering the exposure-time of the CMOS image sensor. Experimental results show that 
the proposed method can reduce the noise compared with the original captured sound. 
 
Keywords: Sound capturing, Noise reduction, CMOS image sensor, Still camera 

1. INTRODUCTION 
Capturing a distant sound is very important on security and rescue. Various microphones such as 

parabolic microphone and shotgun microphone have been developed for capturing a distant sound by 
forming the directivity [1]. However, the sound is attenuated in distance and it is difficult to capture 
the distant sound with conventional microphones. To solve this problem, a visual microphone has been 
proposed that captures the sound from video [2,3,4]. This microphone can directly measure the 
vibration of the object caused by distant sound using the pixel difference and extract the sound around 
the object to be photographed. In this method, the distant attenuation of sound wave is less affected 
than the conventional microphones. However, this microphone needs high frame-rate video to extract 
the sound and is an unpractical capturing method. In this paper, we attempt to realize inexpensive 
visual microphones by using still camera. Hence, we focused on the complementary 
metal-oxide-semiconductor (CMOS) image sensor with rolling-shutter distortion [5]. The CMOS 
image sensor is exposed and sequentially writes an image from top to the bottom row of the image. 
Thus, an image shot with the CMOS image sensor has time information in each line of the element. 
Therefore, it is possible to capture sound without the high frame-rate video in case of acoustic signals 
can be extracted from the time information included in an image.  However, lower frequency noise is 
mixed in the captured sound using the CMOS image sensor due to the inclination and distortion of the 
object to be photographed. This noise depends on the exposure-time of the sensor. Therefore, we 
propose a method of reducing the noise by designing a digital filter based on exposure-time of the 
sensor. 
                                                        
1 is0261xf@ed.ritsumei.ac.jp 
2 is0267rs@ed.ritsumei.ac.jp 
3 iwai18sp@fc.ritsumei.ac.jp 
4  fukumori@fc.ritsumei.ac.jp 
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2. SOUND CAPTURE FROM AN IMAGE WITH CMOS IMAGE SENSOR 

2.1 Method of Sound Capture from An Image Shot by CMOS Image Sensor 
In this paper, we focus on the sound capture method by extracting the sound from an image 

including rolling-shutter distortion with a CMOS image sensor as an imaging device [6]. The 
rolling-shutter distortion occurs in each line when a moving object is photographed by using a CMOS 
image sensor. Figure 1 shows the overview of the sound extraction from an image. Sound propagates 
as air vibrations. Then, the sound emitted from the sound source vibrates an object near the sound 
source. At this time, the image can be taken by the still camera with CMOS sensor and includes 
rolling-shutter distortion. This distortion occurs due to a time difference of the image in each line. 
Therefore, it is possible to capture the vibration of the object to be photographed by extracting 
coordinate deviations sequentially from the top to the bottom of the image. The captured vibration 
matches the vibration of the propagated sound, assuming that there is no attenuation of sound at the 
surface of the object.  

For extracting vibrations from the image, we extract the edge of the image. To extract the edge, 
the edge of the image is enhanced using a Sobel filter as preprocessing  [6]. After detection the edge 
of the image by the Sobel filter, the image is binarized. The 3×3 neighborhood input image  
and each directional Sobel kernel ,  are respectively shown in Eqs. (1) and (2). 

, (1) 

, (2) 

where,  is amplitude at the position ( ). The output of Sobel filter is  obtained by  
Eq. (3). 

, (3) 

where, symbol ‘  is a convolution operator. The binarized amplitude  at ( , ) is obtained by 
Eq. (4). 
 

 

Figure 1 – Overview of the sound capture from an image. 
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, (4) 

In this paper, the threshold is determined empirically. The amplitude  of the extracted sound is 
given by Eq. (5) by using the binary image. 

, (5) 

 (6) 

where,  is the value of x coordinate of the edge for each line,  is average of ,  is the 
sample index, Height is the number of pixels in the  direction of the input image,  is the 
sampling frequency of the captured sound and  is that of CMOS image sensor. Using these 
equations, we can extract the sound by an image with a CMOS image sensor.  

2.2 Results of Sound Capture and Its Problem 
We conducted the experiment to confirm that the sound could be extracted from an image.  The 

sound was extracted by using an image which took a paper near the sound source with a CMOS image 
sensor. We used 0.4 kHz pure tone as sound source emitted from a loudspeaker. Figure 2 shows an 
input image taken by a CMOS image sensor. Figure 3 shows results of sound capture. Figure 3 (a) and 
(b) respectively show a waveform and power spectrum of a captured sound. As shown in Fig. 3, we can 
confirm that a sound with 0.4 kHz can be captured. However, lower frequency noise is mixed into the 
captured sound. It can be seen from Fig. 3 (b) that the noise power is larger than that of the target sound 
at 0.4 kHz. Therefore, the noise reduction for the captured sound is required. 

 

Figure 2 – Input image taken by using a CMOS image sensor. 

(a)  Waveform                                 (b)  Power spectrum 

Figure 3 – Results of sound capture.  
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3. LOWER FREQUENCY NOISE REDUCTION 
In this paper, we propose a noise reducing method for the captured sound by a digital filter considering 

the exposure-time of the CMOS image sensor. Figure 4 shows an image of a waveform of the captured 
sound. In the frequency analysis, the captured waveform is considered to be repeating as shown in Fig. 4. 
For this reason, the noise dependent on the frame is included. Therefore, this noise depends on the 
exposure-time of the sensor while taking an image. In addition, it shows that the lower frequency than the 
writing frequency based on exposure-time of the sensor cannot be captured by the sensor. Thus, we can 
reduce the noise by a digital filter considering exposure-time. Figure 5 shows the overview of the proposed 
method. In this paper, use a general high-pass filter of which cutoff frequency is determined by the 
exposure-time. The cutoff frequency of the high pass filter is given by Eq. (7). 

 (7) 

(8) 
where  is the target cutoff frequency,  is the exposure-time of the sensor for an image,  is 
vertical total numbers of pixels in an image,  is the exposure-time of the sensor for each line. Using , 
it is possible to design high-pass filter based on exposure-time and to reduce the lower frequency that 
cannot be captured with the sensor. The designed high-pass filter is convolved by Eq. (9) into  given 
in Eq. (5) to obtain an output signal . 

 (9) 

 
where  is the impulse response of a high-pass filter designed with the cutoff frequency  given 
in Eq. (7) and  is the filter length. 
 

Figure 4 – An image of a waveform of the captured sound. 
 
 

 

Figure 5 – Overview of the proposed method. 
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4. EVALUATION EXPERIMENT 

4.1 Experimental Conditions 
We carried out an experiment to verify that the lower frequency noise is reduced by the proposed 

method. Table 1 shows the measurement conditions.  Figure 6 shows the equipment arrangement. We 
used an A4 paper printed a thin line in its center as the vibrating object. The vibrating object was 
located in 10 mm front of the loudspeaker under the light sources.  In order to obtain enough 
illuminance, we used two incandescent bulbs. Pure tones with 0.1 kHz, 0.4 kHz and 0.8 kHz were 
respectively used as sound sources and emitted from the loudspeaker. The threshold value of Eq. (4) 
was set to 100 in this experiment. In this experiment, we compare spectral power to evaluate the 
performance for reduction of lower frequency noise.  

4.2 Experimental Results 
Figure 7 shows the frequency response of the high-pass filter used in the experiment. From Fig. 7, 

it can be seen that 0.02 kHz that is the frequency of noise at this experiment is reduced. The waveforms 
and power spectra of the captured sound by the original sound capture are shown in Fig. 8 and 9. As 
shown in Fig. 8 (a), the waveform of captured sound has an upward sloping shape. Also, from Fig. 8 (b), 
the lower frequency noise is mixed as shown in Fig. 9. The waveforms and power spectra of the 
captured sound by the proposed method are shown in Fig. 10 and 11. It can be seen from Fig. 10 and 11 
that lower frequency noise is reduced by the proposed method compared to the original sound capture. 
By reducing the lower frequency noise, the spectral peak of the emitted pure tone becomes relatively 
prominent. Table 2 shows the signal-to-noise ratio (SNR) of the captured signals. Here, the signal is  

 
Table 1 – Experimental conditions. 

Environment 
Soundproof room 

( ) 

Background noise  

Sound sources Pure tone  

Sound pressure level  

Sampling frequency  

Quantization bits 16 bits 

Camera (Smartphone) SONY, Xperia Z1 

Size of image  

Light source Incandescent bulb (6,400 lm) 2 

Filter length N = 200 samples 

Exposure-time of the sensor  ms 
 

Figure 6 – Equipment arrangement (Top view).  Figure 7 – Frequency response of the high-pass filter. 
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the emitted pure tone, and the noise is a signal related to the exposure-time of the CMOS image sensor. 
Here, we did not consider other frequency components to evaluate SNR. SNR is improved an average 
of 16.8 dB by using proposed method as shown Table 2. However, the noise still remains in the 
captured sound obtained by the proposed method. This is because the deflection of the paper is 
extracted as noise. Therefore, it is required to consider using an object other than paper as a vibrating 
object and reducing noise common to multiple frames. 
 
 

 (a) 0.1 kHz                   (b) 0.4 kHz                 (c) 0.8 kHz 
Figure 8 – Waveforms of original sound capture. 

 

(a) 0.1 kHz                (b) 0.4 kHz               (c) 0.8 kHz 
Figure 9 – Power spectra of original sound capture. 

(a) 0.1 kHz                (b) 0.4 kHz               (c) 0.8 kHz 
Figure 10 – Waveforms with proposed method. 

(a) 0.1 kHz                (b) 0.4 kHz                 (c) 0.8 kHz 
Figure 11 – Power spectra with proposed method. 
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Table 2 – Evaluation result by SNR 

Sound source Original sound capture Proposed method 

0.1 kHz 3.6 dB 22.1 dB 

0.4 kHz -11.4 dB 4.3 dB 

0.8 kHz -34.8 dB -18.5 dB 
 

5. CONCLUSIONS 
We attempt to capture sound from an image with the CMOS image sensor. However, lower frequency 
noise is included in the captured sound using the CMOS image sensor due to the inclination and 
distortion of the object to be photographed. In this paper, to solve this problem, we proposed a noise 
reducing method for the captured sound by a digital filter considering the exposure-time of the CMOS 
image sensor. We carried out an experiment to verify that the lower frequency noise is reduced by the 
proposed method. The result of the evaluation experiment showed that SNR is improved an average of 
16.8 dB by using proposed method. In the future, we will consider using an object other than paper as 
a vibrating object and reducing noise common to multiple frames. 
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Abstract
A robust design of active noise cancellation (ANC) headphones by means of digital signal processing requires
a deep understanding of the underlying acoustic front-end. Particularly knowledge about the primary path,
which is commonly defined as the transfer path between the outer and inner microphone of the headphone,
and the secondary path, which is the transfer path between the loudspeaker and the inner microphone, is
required to designing an ANC system. These paths may vary due to e.g. fitting of the headphone, the
physiology of the user or the direction of arrival of ambient noise.
In this contribution, we present the results of a measurement series. The objective is to examine acoustic
paths for their intra-person variances considering jaw movement, head rotation and refitting of the headphone,
as well as inter-person variance between different subjects. The measurements were conducted in an anechoic
chamber with 25 participants from age 21 to 61. Furthermore, the implications on the performance for
time-invariant ANC solutions will be considered and the benefit of calibrating the secondary path will be
investigated.
Keywords: Active noise control, device related transfer functions

1 INTRODUCTION
These days, a lot of applications and products based on active noise cancellation (ANC) technology
are emerging. Especially ANC headphones have risen in popularity over the last few years, due to the
ever-growing amount of environmental noise [12].
An implementation of complex adaptive algorithms is still not feasible, due to strict power and form-factor
constraints of consumer ANC headphones. Hence, most designs rely on time-invariant digital feed-forward
(FF) filters and feed-back (FB) controllers. The optimal solution to feed-forward filters for ANC is given
by the causal Wiener filter, which is a well-studied topic [7, 3, 5, 4]. Also, numerous publications cover
the topic of feed-back controller design for ANC applications [11, 8]. In order to obtain a robust feed-back
system, the uncertainties of the secondary path of the ANC headphone need to be considered.
Hence, to obtain a well-performing and robust design for ANC headphones a good understanding of the
electro-acoustic front-end is required. To receive this deep understanding, several measurement series
have previously been conducted by the authors, which focus, e.g., on the direction of arrival dependency
of ANC headphones [10] and the occlusion effect [9]. However, these measurements did not specifically
analyze the influence of the user and use-cases on the transfer functions of an ANC headphone.
This contribution presents the results of a measurement series to identify how knowledge of individual
device related transfer functions (DRTFs) can improve the performance of ANC headphones. We measured
time-variant DRTFs of 25 female and male participants in the age of 21 to 61 years. To obtain a database
that covers a wide spectrum of transfer functions, the participants were asked to go through a scripted
sequence of different jaw positions, head rotations and headphone fittings.
This article is structured as follows. In Sec. 2 we describe the functional principle of ANC headphones. We
then elaborate on the measurement setup, execution and post-processing in Sec. 3. In Sec. 4 we evaluate
the measurements. We conclude the paper by discussing the implications on the performance of ANC
headphones in Sec. 4.2.
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2 ACTIVE NOISE CANCELLATION
The goal of active noise cancellation (ANC) is to create a zone of silence in which ambient noise is
attenuated. This is achieved by the principle of destructive interference of sound waves. In the case of
ANC headphones, the zone of silence is defined as the volume inside the auditory canal. To create an
anti-noise, we require knowledge about the ambient noise. For that reason, ANC headphones are equipped
with at least one microphone that measures the ambient noise. For the measurement series presented in this
paper, we used the electro-acoustic front-end of the Bose QC20 headphones, without the ANC electronics.
The left half of Fig. 1 illustrates the headphone. It contains the reference microphone Mref , directed to
the opposing side of the head, the error microphone Merr, directed towards the eardrum, as well as the
internal loudspeaker Sint that emits the anti-noise and can also be used to playback multimedia signals.
The behavior of the headphone is characterized by two acoustic transfer functions. The primary path
P (z) describes the transfer function between Mref and Merr, whereas the secondary path S(z) describes
the transfer function between Merr and Sint. An acoustic feedback from Sint to Mref can be neglected for
sealed headphones due to a very low magnitude of the transfer function.
The anti-noise is generated by applying a digital filter W (z) to the reference microphone signal x(n) in the
case of feed-forward ANC and by applying a digital controller K(z) to the error microphone signal e(n) in
the case of feed-back ANC. Hence, the overall transfer function of a feed-forward ANC system HFF(z) is

HFF(z) = P (z)−W (z)S(z), (1)

whereas P (z) and S(z) also comprise the characteristics of the analog-to-digital and digital-to-analog
converters. According to the Wiener criterion, we find the impulse response w ∈ RL of length L of W (z)
as

w = Ψ−1
ss ϕps. (2)

Here, Ψss denotes the auto-correlation matrix of the secondary path and ϕps denotes the cross-correlation
vector between the primary and secondary path.
The transfer function HFB(z) of a feed-back ANC system as described in [11, 8] is given by

HFB(z) = 1
1 + S(z)K(z) . (3)

In order to obtain a robust system, the uncertainties of the plant, here S(z), need to be considered. The
multiplicative uncertainty model is a common choice. It describes the plant by means of a multiplicative
deviation from a nominal path S(z)

S(z) = S(z) [1 + ∆(z)U(z)] , (4)

 

Figure 1. Measurement setup with participant, frontal and lateral external speakers in distance l of center
as well as an illustration of the ANC headphone that was used.

2901



with |∆(z)| < 1. We choose the nominal path as the average over a set of J measured plant transfer
functions and calculate the uncertainty so that all plants from this set can be obtained from (4)

S(z) = 1
J

J−1∑
j=0

Sj(z) (5)

U(z) = max
j∈[0..J−1]

∣∣∣∣Sj(z)
S(z)

− 1
∣∣∣∣ . (6)

Rafaely shows in [11] that the plant uncertainty has strong implications on the performance of a feed-back
controller. We will have a closer look at the plant uncertainty in Sec. 4.2.

3 TIME-VARIANT MEASUREMENT
The following sub-sections elaborate on the acquisition of the data by means of time-variant measurements.
We first describe the measurement setup. Then, we shortly introduce the topic of time-variant system
identification and finally give some insights into the required post-processing steps.

3.1 Setup
The measurements were conducted in a chamber that is anechoic down to a frequency of 200Hz. The
right half of Fig. 1 illustrates the measurement setup. The participants were placed on a rotating chair in
the center of the chamber, facing the frontal external speaker Sfrnt (ϕ = 0). Two Neumann KH120 speaker
were positioned at a distance of l = 90 cm in front and right of the center of the head. The participants
wore a pair of Bose QC20 headphones. Fig. 2 shows the connection of the hardware components. We
connected a RME Fireface UCX soundcard via USB to the host PC. A PreSonus DigiMax DP88 was
connected to the soundcard via ADAT and served as a pre-amplifier for the microphone signals.
As a ground truth, the acoustic transfer functions of each participant were first measured using an
exponential sweep. Afterwards, the time-variant measurement began and the participants were instructed
to go through a scripted set of movements, as outlined in Fig. 3. The instructions were displayed on a
TV screen. The movements involve different jaw positions, head rotations and headphone fittings. The
head rotation is ϕ = 0 by default and increases to ϕ = 90◦ within the last segment, so that all directions
of arrival are covered with the two external speakers. Furthermore, the headphones were removed and
refitted four times, twice instructed as a loose fit and twice as a normal fit. The headphones were initially
inserted with a normal fitting.

PC Soundcard

Pre-amp

Sfrnt

Sltrl
HP left HP right

A
D

AT

USB

di
re

ct

yerr,l(n) yref,l(n) yref,r(n) yerr,r(n)

xint(n)

xfrnt(n)

xltrl(n)

Figure 2. Digital and electro-acoustic connection between computer, soundcard, pre-amp as well as the
loudspeakers and microphones
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Figure 3. Sequence of positions instructed to the participants. Here, marks time-variant segments as
transitions between different positions and marks segments where the headphones are refitted.

3.2 Time-Variant System Identification
Fig. 2 indicates that we measure a total of 10 time-variant impulse responses. We obtain one impulse
response from each of the two external speakers to each of the four microphones as well as one impulse
response from each of the internal speakers to the respective error microphone. As an example, the block
diagram in Fig. 4 shows the multi-channel system model to identify the transfer functions from the external
speakers to the left reference microphone. The measured response yref,l(n) is given as a superposition of
the excitation signals convoluted with the respective impulse responses and a noise term vref,l(n)

yref,l(n) = hT
ltrl,ref,l(n)xltrl(n) + hT

frnt,ref,l(n)xfrnt(n) + vref,l(n), (7)

with h(n) = [h0(n), h1(n), . . . , hL−1(n)]T and x(n) = [x(n), x(n− 1), . . . , x(n− L+ 1)]T. We use the
normalized least mean squares (NLMS) algorithm to estimate the time-variant impulse responses as
described in [1]. As an example, the update rule for the adaptive filter from the lateral external speaker
to the left reference microphone is given by

ĥltrl,ref,l(n+ 1) = ĥltrl,ref,l(n) + µ
eref,l(n)xltrl(n)

‖xltrl(n)‖2 + ‖xfrnt(n)‖2 , (8)

with the error signal

eref,l(n) = yref,l(n)− ĥT
ltrl,ref,l(n)xltrl(n)− ĥT

frnt,ref,l(n)xfrnt(n)

=
[
hltrl,ref,l(n)− ĥltrl,ref,l(n)

]T
xltrl(n) +

[
hfrnt,ref,l(n)− ĥfrnt,ref,l(n)

]T
xfrnt(n) + vref,l(n). (9)

To obtain a good tracking behavior of the time-variant impulse responses, we need to choose a suitable
excitation signal. Perfect sequences (PSEQs) have proven to be a superior excitation signal for tracking

vref,l(n)

+ + + eref,l(n)

hltrl,ref,l(n) hfrnt,ref,l(n) ĥltrl,ref,l(n) ĥfrnt,ref,l(n)

xfrnt(n)

xltrl(n)

− −
yref,l(n)

Actual paths Estimates

Figure 4. System identification block diagram at the example of the transfer functions to the left reference
microphone.
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time-variant impulse responses [1]. This is due to their perfectly flat magnitude spectrum. The auto-
correlation function ϕxx(λ) of a perfect sequence of length M is equal to one for λ = iM with i ∈ N and
zero otherwise. The tracking behavior of PSEQs has been analyzed extensively in [6]. Furthermore, a
perfect sequence has been introduced as a noise signal, which has a uniformly distributed group delay and
a flat magnitude spectrum. We have a maximum of three signals that arrive at the same microphone. To
prevent the three excitation signals from interfering, we design a perfect noise signal of the length 3L. The
signal is circularly shifted by L so that the mutual shift for the frontal, lateral and internal loudspeaker
signal is L. This way, the first L values of all cross-correlation functions of the excitation signals are zero.

3.3 Post-Processing
To compensate for remaining flaws and to structure the measured data during evaluation, we introduce
some processing steps. The Neumann KH120 speakers have a frequency range starting from 52Hz, and
also the anechoic chamber is not reflection free for such low frequencies. Furthermore, the pre-amps might
add a DC offset. Therefore, we apply a Butterworth high-pass filter with a passband frequency of 50Hz to
all microphone signals y(n) as well as the respective excitation signals x(n) used for the NLMS algorithm
as in (9).
As we are solely interested in the acoustic transfer functions of the primary path P (z) and the secondary
path S(z) without the influence of the electronic back-end, we need to compensate the transfer functions
of the back-end. These transfer functions were measured beforehand, as indicated by the direct path
in Fig. 2. They are used to deconvolute the microphone signals by means of spectral division. Now, to
obtain P (z) and S(z), we use the time-variant estimates from the NLMS algorithm. The secondary path
S(z, n) = Hint,err(z, n) at time n is given by the transfer function from the left or right internal speaker
to the respective error microphone. As the primary path is the transfer function from Mref to Merr, we
need to perform a spectral division. The primary path for, e.g., the lateral external speaker is given by

P (z, n) = Hltrl,err(z, n)
Hltrl,ref(z, n) . (10)

If the denominator transfer function has a notch, this will lead to an unnatural amplification at certain
frequencies in the primary path. When such primary paths are used for the design of a feed-forward filter,
the amplifications result in an annoying resonating sound [2]. We compensate these notches by analyzing
the resulting primary path p(n), as Fig. 5 shows. In case of a notch, the primary path’s impulse response
does not decay. We analyze the latter part of the primary path using a zero-padded Hann window q(n),
and we use the phase of the denominator to generate the compensation spectrum

C(z) = α |F {p(n) · q(n)}| ej∠Hltrl,ref(z,n), (11)
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Figure 5. Notch compensation by analyzing p(n) with a Hann window.
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with the Fourier transform F {·}, the scaling factor α =
√
M/ ‖q‖2 and the FFT length M . We then

obtain the transfer function of the corrected primary path as

Pc(z, n) = Hltrl,err(z, n)
Hltrl,ref(z, n) + C(z) . (12)

In order to save only the transfer functions that convey new and reliable information, we define a set
of rules which must be fulfilled before saving a set of impulse responses. The short-time power of the
error signals needs to be below −50 dB. Furthermore, for the time-invariant segments from Fig. 3 we save
only a single set of transfer functions where the short-time power of the error signal is smallest. For the
time-variant and refitting segments we save a new set of transfer functions if the Euclidean distance to
any respective transfer function that was saved last exceeds −40dB.

4 MEASUREMENT RESULTS
In this section, we discuss the results of the time-variant measurement series. The following plots are
based on over 10, 000 individual paths for 25 participants. All paths are calculated with a filter length
L = 2048 at a sample rate of fs = 48 kHz.

4.1 Nominal Paths
Fig. 6 shows the nominal secondary paths in a) as the average over all segments with normal fitting for
each subject and in b) as the average over all subjects for each use-case. It is evident that S(z) strongly
depends on the geometry of the subjects ear canal. We further see that nominal path changes notably for
the segments headphones out, where the headphones are not inserted into the ears, and loose fit, where the
headphones are inserted loosely into the ears. The drop in magnitude at frequencies below 1 kHz for the
use-case headphones out is due to the lower acoustic impedance for which the internal headphone driver
does not provide enough power. On the other hand, the nominal secondary path is independent of the
yaw position.
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Figure 6. Nominal secondary paths S(z) in a) averaged over all segments with instructed normal fitting
for different subjects and in b) averaged over all subjects for different segments.

Similar results can be observed when evaluating the primary path. Fig. 7 shows the averaged magnitude
spectra of the primary paths of the right headphone and the lateral external loudspeaker, again averaged
over use-cases and subjects. We see that the use-cases headphones out and loose fit result in a boost at
frequencies between 400Hz and 4 kHz. This is due to the reduced passive insulation. For ϕ = 90◦ we
experience additional attenuation of frequencies above 500Hz and especially the peak at 4 kHz is reduced.
We notice that different yaw positions do also not affect the primary path.
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external loudspeaker in a) averaged over all use-cases with normal fitting for different subjects and in b)
averaged over all subjects for different use-cases.

4.2 Implications on the Performance of Active Noise Cancellation Headphones
Rafaely derived an explicit relationship between the uncertainty of the plant in a feedback ANC system and
the possible performance [11]. From Sec. 4.1 we know that the secondary path varies strongly for different
users and not so much for different use-cases. Fig. 8 reinforces this statement. It shows the percentiles of
the multiplicative uncertainty according to (6) in steps of 10% from 10% to 100% for a) the nominal path
based on multiple subjects and b) an individual nominal path for each subject. We see that the maximum
uncertainty for both cases is similar, nonetheless, the 90% percentile for the intra-subject uncertainty is
already much smaller than for the inter-subject uncertainty. Hence, calibrating S(z) once for a user may
result in a very accurate representation of the actual path and can drastically improve the performance of
both feed-back and feed-forward ANC [11, 4]. Also, calibrating the secondary path can simply be done
by using the internal loudspeaker. The primary path on the other hand varies quite strongly, especially
for different directions-of-arrival, which has been examined in more detail in [10]. Calibrating P (z) for
multiple discrete angles is feasible but requires a dedicated measurement setup. With a good primary path
measurement the performance of feed-forward ANC systems can be drastically improved as shown in [4].
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all use-cases and subjects and b) individual nominal paths for each subject based on all use-cases.
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5 CONCLUSION
In this contribution we present the results of a measurement series of time-variant device-related impulse
responses of an active noise cancellation (ANC) headphone. The focus of this study is to see how the
relevant acoustic transfer functions change for different subjects and use-cases. The measurements were
conducted using perfect sequences (PSEQs) and the normalized least mean squares (NLMS) algorithm. We
further propose a method for compensating notches when calculating impulse responses based on spectral
division. The results based on over 10, 000 acoustic transfer functions show that an individualization of
the primary and secondary path is a promising measure to improve the performance of time-invariant
ANC systems. This is because the intra-person variance of the acoustic transfer functions is much lower
compared to the inter-person variance. Furthermore, we investigate the multiplicative uncertainty, which
plays an important role in designing robust feed-back systems, to underline this statement.
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Abstract
The most popular uniform analysis scheme applied for speech enhancement periodically performs DFTs of over-
lapping and windowed signal segments. However, due to the windowing of successive signal segments, often
a significant frequency overlap arises among neighboring subbands. These overlapping effects are undesirable
as they limit the performance of adaptive filters and the feature estimation in the subband domain. In order to
reduce this overlap without increasing the DFT order, the so-called spectral refinement (SR) can be utilized.
The SR is based on a linear combination of weighted and shifted speech segments and can be applied as a post-
processing stage after a DFT-based analysis filterbank. In this contribution the SR is used as a predecessor to a
DFT. It can be shown that the resulting SR structure in the time-domain for DFT-based analysis flterbanks looks
similar to polyphase filterbanks. For enhanced frequency selectivity of the analysis, preceding weighted blocks
need to be added before performing the DFT. A window function of higher order has to be defined that covers
the current as well as previous input segments. In case of SR, a set of shifted low-order window functions are
linearly combined and transformed into a desired window function of higher order.
Keywords: polyphase filterbanks, spectrum computation, fundamental frequency estimation, speech en-
hancement, DFT, spectral refinement
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Abstract
This paper is devoted to the study of the beamforming problem with circular microphone arrays (CMAs). It presents
an approach to the design of beamformers with asymmetric and symmetric frequency-invariant beampatterns. We
first discuss how to express a desired target directivity pattern, either symmetric or asymmetric, into a linear weighted
combination of sine and cosine functions as well as circular harmonics of different orders. Using the hypercardioid
pattern as an example, we show how to determine the weighting coefficients by maximizing the directivity factor
(DF) with different constraints. Then, by using the Jacobi-Anger expansion, an approximation of the beamformer’s
beampattern is presented. A linear system is subsequently formed by forcing the approximated beampattern to be
equal to the target asymmetric or symmetric directivity pattern. The optimal beamforming filter is finally determined
by identifying the linear system. In comparison with symmetric beampatterns, the use of asymmetric beampatterns
can offer more flexibility for practical application, such as a high DF or better null positions for interference rejection,
which is demonstrated by simulations.

Keywords: Microphone arrays, circular microphone arrays, frequency-invariant beamforming, differential
microphone arrays, symmetric beampattern, asymmetric beampattern.

1 INTRODUCTION
Frequency-invariant beamforming with small microphone arrays has been extensively studied as it has the great
potential in processing broadband audio and speech signals [1–5]. Several frequency-invariant beamforming
techniques have been developed over the last few decades. Among those, the differential beamformers, which
respond to the differential of the acoustic pressure field, have attracted much research and engineering interest
[6, 7] as they can achieve frequency-invariant beampatterns and high directivity factors at the same time.
Traditional differential beamformers are designed with a multistage structure [7,8]. However, this structure lacks
flexibility in dealing with the problem of white noise amplification, which is inherent to differential microphone
arrays (DMAs). Recently, a method to design DMAs in the short-time-Fourier-transform (STFT) domain was
developed [9], which provides a minimum-norm beamforming approach, which basically circumvents the white
noise amplification problem by maximizing the white noise gain (WNG) while making the order of the differ-
ential beamformer smaller than the number of microphone sensors minus one. This method is then extended to
the design of differential beamformers with circular microphone arrays (CMAs) [11], which have better steering
flexibility as compared to linear microphone arrays (LMAs) [12–14].
Another widely used beamforming method with CMAs is the modal beamformer, which is based on decom-
posing the sound field into a series of circular harmonics and then combining those circular harmonics with
appropriate weighting coefficients to form the beamformer’s output [4, 5, 11, 15]. In our recently work, we de-
veloped a differential beamforming method with CMAs based on the Jacobi-Anger expansion and showed that
the modal beamformer is a particular case of this method [12].
However, in all the aforementioned works [11–14], the designed beampatterns are assumed to be symmetric.
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The underlying reason for this is that the conventional DMAs were based on LMAs and any DMA pattern
for LMAs is a linear combination of cosine functions of different orders, which is symmetric in nature [7].
Recently, a more general expression of directivity patterns, including both symmetric and asymmetric patterns,
was developed [16]. With such an expression, a beamforming approach were developed based on solving lin-
ear equations formed using constraints from the target directivity pattern, which can design beamformers with
symmetric and asymmetric beampatterns.
This paper is an extension of the principle presented in [12, 16]. We develop an approach to the design of
beamformers with both symmetric and asymmetric beampatterns based on the use of the Jacobi-Anger expan-
sion. We first discuss how to express a desired target directivity pattern, either symmetric or asymmetric, into
a linear weighted combination of sine and cosine functions as well as circular harmonics of different orders.
Then, by using the Jacobi-Anger expansion, an approximation of the beamformer’s beampattern is presented. A
linear system is subsequently formed by forcing the approximated beampattern to be equal to a target asymmet-
ric or symmetric directivity pattern. The optimal beamforming filter is subsequently determined by identifying
the linear system. In comparison with the existing methods that can only design symmetric beampatterns, the
developed method has the flexibility in forming either asymmetric or symmetric beampatterns for benefits such
as higher DF, better null steering for interference rejection, etc. In comparison with the method in [16], the
developed beamforming approach offers better performance since the resulting beampattern is an optimal ap-
proximation of the target beampattern from the least-squares error perspective.

2 SIGNAL MODEL AND PERFORMANCEMEASURES
Consider a uniform circular microphone array (UCMA) with radius r, which consists of M omnidirectional
microphones. Suppose that we want to steer the beamformer to the direction θ, the steering vector of length M
is written as [17, 18]

dθ (ω) =
[
ej� cos(θ−ψ1) ej� cos(θ−ψ2) · · · ej� cos(θ−ψM )

]T
, (1)

where j is the imaginary unit with j2 = −1, � = ωr/c, ω = 2πf is the angular frequency, f > 0 is the
temporal frequency, ψm = 2π(m − 1)/M is the angular position of the mth array element, c is the speed of
sound in the air, and the superscript T is the transpose operator. The interelement spacing is δ = 2r sin (π/M).
In order to avoid spatial aliasing, it is assumed that this interelement spacing is much smaller than the minimum
acoustic wavelength of interest.
Assume that the source signal of interest (i.e., the desired signal) comes from the direction θs. The objective
of beamforming is then to design a frequency-invariant beampattern, which is as close as possible to a desired
(symmetric or asymmetric) directivity pattern, with its main beam pointing in the direction θs. For that, we
apply a beamforming filter of length M :

h(ω) =
[
H1(ω) H2(ω) · · · HM (ω)

]T
, (2)

to the UCMA observation signals.
In order to evaluate the designed beamformer, we will use the three commonly used measures. They are

• the beampattern, which describes the sensitivity of the beamformer to plane waves arriving at the array
from different directions, is defined as [1, 9]

Bθ [h (ω)] = hH (ω) dθ (ω) =
M∑
m=1

H∗

m(ω)ej� cos(θ−ψm), (3)

where the superscript H is the conjugate-transpose operator,
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• the white noise gain (WNG), which reflects the robustness of the beamformer, is defined as [9]

W [h (ω)] =

∣∣hH (ω) dθs
(ω)

∣∣2

hH (ω) h (ω)
, (4)

• and the directivity factor (DF), which quantifies the signal-to-noise ratio (SNR) gain of the beamformer
in the spherically isotropic noise field, is defined as [1, 9, 10]

D [h (ω)] =

∣∣hH (ω) dθs
(ω)

∣∣2

hH (ω) Γd (ω) h (ω)
, (5)

where the elements of the M ×M matrix Γd (ω) are given by

[Γd (ω)]ij = sinc

(
ωδij
c

)
(6)

with i, j = 1, 2, . . . ,M , sinc(x) = sinx/x, and

δij = 2r

∣∣∣∣sin
[
π (i− j)

M

]∣∣∣∣ (7)

being the distance between sensors i and j.

3 DESIRED DIRECTIVITY PATTERN
We know from the array literature that any desired (symmetric or asymmetric) beampattern of order N ≥ 1 can
be written as

Bθ (aN ,bN ) =

N∑
n=0

aN,n sin (nθ) +

N∑
n=0

bN,n cos (nθ) (8)

= aTNps,θ + bTNpc,θ,

where aN,n, bN,n, n = 0, 1, . . . , N are real coefficients and

aN =
[
aN,0 aN,1 · · · aN,N

]T
,

ps,θ =
[

0 sin θ · · · sin (Nθ)
]T
,

bN =
[
bN,0 bN,1 · · · bN,N

]T
,

pc,θ =
[

1 cos θ · · · cos (Nθ)
]T
.

The values of the coefficients aN,n, bN,n, n = 0, 1, . . . , N , determine the shape of the directivity pattern. In the
particular case of symmetric beampatterns, i.e., aN = 0, (8) degenerates to

Bθ (bN ) = bTNpc,θ. (9)

Another very useful way to express (8) is

Bθ (aN ,bN ) =
1

2j

N∑
n=0

aN,n
(
ejnθ − e−jnθ

)
+

1

2

N∑
n=0

bN,n
(
ejnθ + e−jnθ

)

=
1

2j

N∑
i=1

aN,ie
jiθ −

1

2j

−1∑
i=−N

aN,−ie
jiθ + bN,0 +

1

2

N∑
i=1

bN,ie
jiθ +

1

2

−1∑
i=−N

bN,−ie
jiθ

=

N∑
n=−N

c2N,ne
jnθ =

N∑
n=−N

c∗

2N,ne
−jnθ = cH2Npe,θ = Bθ (c2N ) , (10)
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where the superscript ∗ is the complex-conjugate operator,⎧⎪⎪⎪⎨
⎪⎪⎪⎩

c2N,0 = bN,0

c2N,i =
bN,i − jaN,i

2
, i = 1, 2, . . . , N

c2N,−i =
bN,i + jaN,i

2
= c∗

2N,i, i = 1, 2, . . . , N

, (11)

and

c2N =
[
c2N,−N · · · c2N,0 · · · c2N,N

]T
,

pe,θ =
[
ejNθ · · · 1 · · · e−jNθ

]T
.

The vector pe,θ of length 2N + 1 is composed of circular harmonics of different orders.
In order to take the important steering information into account, let us rewrite Bθ (c2N ) as

Bθ−θs
(c2N ) = cH2Npe,θ−θs

= (Υθs
c2N )

H
pe,θ = cH2N,θs

pe,θ = Bθ (c2N,θs
) , (12)

where

Υθs
= diag (pe,θs

) = diag
(
ejNθs , . . . , 1, . . . , e−jNθs

)
(13)

is a diagonal matrix and

c2N,θs
= Υθs

c2N . (14)

We see that our general desired directivity pattern is Bθ (c2N,θs
). In practice, the shape of the (symmetric

or asymmetric) beampattern is determined by aN ,bN (which are given by design) and the steering angle θs;
then, c2N is obtained from (11) and c2N,θs

from (14). Note that we should normalize aN ,bN such that
Bθs

(aN ,bN ) = 1 and Bθs
(c2N,θs

) = 1.

3.1 Asymmetric Hypercardioid
Now, we give an example of the desired, target directivity pattern: the hypercardioid pattern. The asymmetric
hypercardioid pattern is obtained by maximizing the DF:

D =
|Bθs

(c2N ) |2∫ 2π

0 |Bθ (c2N ) |2dθ
, (15)

with several attenuation constraints:

Dc2N = g, (16)

where

D =
[

pe,θs
pe,θ1

· · · pe,θL

]H
,

g =
[

1 g1 · · · gL
]T
.

The linear system of equations (16) includes the distortionless constraint and L � 2N additional attenuation
constraints, where 0 � gl < 1, l = 1, 2, . . . , L. The optimization problem can be formed as

min
c2N

cH2NΓpc2N subject to Dc2N = g, (17)
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where

Γp =

∫ 2π

0

pe,θp
H
e,θdθ = 2πdiag {12N+1} (18)

is a diagonal matrix of size (2N + 1) × (2N + 1). Using the method of Lagrange multipliers, we get

c2N,opt = Γ−1
p DH

(
DΓ−1

p DH
)−1

g. (19)

Note that without the L extra constraints, the solution will reduce to the traditional symmetric hypercardioid.

4 OPTIMAL DESIGN
It is well known that the mth element of the steering vector, d (ω, θ), can be expressed as

ej� cos(θ−ψm) =

∞∑
n=−∞

jnJn (�) e−jn(θ−ψm) (20)

=

∞∑
n=−∞

jnJn (�) ejn(θ−ψm)

= J0 (�) + 2

∞∑
n=1

jnJn (�) cos [n (θ − ψm)] ,

where Jn (�) is the Bessel function of the first kind [19] and we have J−n (�) = (−1)nJn (�). The series in
(20) is known as the Jacobi-Anger expansion [19].
Substituting (20) into (3), we obtain

Bθ [h (ω)] =

M∑
m=1

H∗

m (ω) ej� cos(θ−ψm)

=

M∑
m=1

H∗

m (ω)

∞∑
n=−∞

jnJn (�) ejn(θ−ψm)

=

∞∑
n=−∞

ejnθ

[
M∑
m=1

jnJn (�) e−jnψmH∗

m (ω)

]
. (21)

If we limit the expansion to the order ±N , Bθ [h (ω)] can be approximated by

Bθ,2N [h (ω)] ≈

N∑
n=−N

ejnθ

[
M∑
m=1

jnJn (�) e−jnψmH∗

m (ω)

]

=

N∑
n=−N

ejnθjnJn (�)ψTnh∗ (ω) , (22)

where

ψn =
[
e−jnψ1 e−jnψ2 · · · e−jnψM

]T
. (23)

Expression (22) is the best approximation of the beampattern from a least-squares error perspective.
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Now, by forcing the beampattern from the beamforming filter h (ω) to the desired directivity pattern, i.e.,

Bθ,2N [h (ω)] = Bθ (c2N,θs
) , (24)

we find that

Ψ∗h∗ (ω) = J (�) c2N,θs
(25)

or, equivalently,

Ψh (ω) = J∗ (�) Υ∗

θs
c∗

2N , (26)

where

J (�) = diag

[
1

j−NJ−N (�)
, . . . ,

1

J0 (�)
, . . . ,

1

jNJN (�)

]
(27)

is a (2N + 1) × (2N + 1) diagonal matrix and

Ψ =
[
ψ

−N · · · ψ0 · · · ψN
]H (28)

is a (2N + 1) × M matrix. Since ΨH is a full-column rank matrix, we can take the minimum-norm solution
of (26), which gives

hMN (ω) = ΨH
(
ΨΨH

)
−1

J∗ (�) Υ∗

θs
c∗

2N . (29)

The beamformer hMN (ω) maximizes the WNG [9, 20]. So, it is also called the maximum WNG beamformer.

5 SIMULATIONS
In this section, we study the performance of the developed beamformer through simulations. We consider a
UCMA with M = 8 and r = 1.5 cm. The desired directivity pattern is chosen as the second-order hypercardioid
with two nulls at θ1 = 90◦ and θ2 = 120◦ and the desired look direction is set to θs = 0◦. Then, the coefficients
vector c2N,opt is computed according to (19), where for the asymmetric second-order hypercardioid is

c2N,opt =
[

0.1736 − 0.0208j 0.1976 + 0.0448j 0.2576 0.1976 − 0.0448j 0.1736 + 0.0208j
]T
, (30)

and for the symmetric second-order hypercardioid is

c2N,opt =
[ 1

6

1

6

1

3

1

6

1

6

]T
. (31)

Substituting all the parameters into (29), we obtain the minimum-norm beamforming filter. Figure 1 (a.1) and
(a.2) plot the beampatterns as a function of the frequency. It is seen that in the studied frequency range from
0 to 4000 Hz, the beampatterns of the developed beamformer do not change much with frequency for both
the asymmetric and symmetric cases. In both cases, the designed beampatterns are very close to the respective
target directivity patterns.
Figure 1 (b.1) and (b.2) plot the DF and the WNG of the developed beamformer, both as a function of the
frequency. It is seen that the asymmetric and symmetric hypercardioid beamformers have similar WNG but the
asymmetric hypercardioid beamformer has higher DF, which shows the advantage of asymmetric beampatterns.
In practical applications, if we need to place nulls at some directions and avoid nulls at some other directions
for interference rejection, using asymmetric beampatterns may offer much more flexibility than using symmetric
ones.
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Figure 1. Performance of the designed beamformers: (a.1) asymmetric beampattern, (a.2) symmetric beampat-
tern, (b.1) DF, and (b.2) WNG. Conditions of simulation: M = 8 and r = 1.5 cm.

6 CONCLUSIONS
In this paper, we studied the problem of beamforming with CMAs and showed how to design beamformers
with symmetric and asymmetric frequency-invariant beampatterns. We started by defining the symmetric and
asymmetric directivity patterns from the Fourier series expansion. Then, an asymmetric hypercardioid pattern
was obtained by maximizing the DF with different attenuation constraints. By using the Jacobi-Anger expan-
sion, the beamformer’s beampattern and the desired, target directivity pattern were related, based on which a
linear system is formed and the beamforming filter was derived by solving the linear system. The developed
method can form beamformers with both symmetric and asymmetric frequency-invariant beampatterns, which
gives much flexibility for real applications such as achieving high DF, placing nulls in proper positions, etc.
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Abstract
In this paper we will be concerned with mathematical methods for birdsong recognition and classification.
Current approaches compute the spectrogram of an audio recording using the Gabor transform, which is then
used as input for a convolutional neural network (CNN) to classify the recording. While recent work is dedicated
to finding the best hyperparameters for training the CNN and for data augmentation, the parameters for the Gabor
transform and the signal detection methods receive less attention. We aim to close this gap by evaluating the
effect of different window lengths on the overall classification accuracy. Additionally we propose a method for
denoising signals based on quantiles to account for different signal to noise ratios in the dataset.
Keywords: bioacoustics, Gabor transform, deep learning

INTRODUCTION
To implement efficient wildlife conservation stategies it is important to accurately observe the conservation-
relevant species. As part of this task, we aim to detect birdsongs and to classify the underlying species in a
given sound file. The annual BirdCLEF challenge1 provides a large scale comparison between current methods
handling this task. The 2017 edition of this challenge was won by Kahl et al. [6] who made their code
publicly available on GitHub2. For our approach we mainly adapted their method, but we introduced specific
modifications at some crucial points. By proceeding this way, we are able to compare our results more directly
to existing state-of-the-art methods.
Our resulting algorithm consists of the following steps. First, we split the given signal into overlapping chunks
of five second length. These chunks are then analysed using the Gabor transform, a sampled version of the
short-time Fourier transform. We use quantiles and a combination of morphological transformations to denoise
our signal chunks dependent on the unknown signal to noise ratio, altering the approach suggested by [9]. In
this step we also determine whether the given chunk contains a bird song at all. All the obtained denoised
spectrograms are then augmented following [6] and fed into a convolutional neural network for classification.
Our approach outperforms the comparative method on our self-assembled dataset.
The paper is organized as follows. In Section 2 we give an overview over the dataset we used for our experi-
ments. Our method is then described in detail in section 3. Section 4 contains the setups for our experiments
and our obtained results, which are summarized in Section 5. Here we also give an outlook into the open
questions we wish to investigate in the future.
This work originated within the collaborative research project Natur 4.0 | Sensing Biodiversity, which aims at de-
veloping a modular environmental monitoring system for the high-resolution observation of conservation-relevant
species, habitats and processes3.

1https://www.imageclef.org/BirdCLEF2019 for the 2019 edition
2https://github.com/kahst/BirdCLEF2017
3https://www.uni-marburg.de/de/fb19/natur40
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DATASET
Training a deep neural network from scratch requires a large dataset with many diverse classes. The BirdCLEF
2017 dataset [4] contains a total of 36.496 audio recordings for 1500 different bird species, which would make
it a natural candidate for our training. However, training on such a large dataset takes a lot of time, which
means that we would not be able to test all the different approaches we are interested in. Additionally the
recordings in the BirdCLEF dataset contain bird species from South America while our primary goal within the
Natur 4.0 project is to detect and identify birds in the Marburg Open Forest test area. The issue of scaling to
larger datasets with more classes shall be addressed in a subsequent step.
To account for these problems, we assembled our own dataset containing the 74 bird species we expect to find
in our test area. For every species we collected a varying number of audio recordings, resulting in a total of
1276 audio files. Altogether our dataset consists of over 26 hours of audio data. This small dataset turned out
to be sufficient for our purpose of analysing different parts of the proposed method.
As with the BirdCLEF dataset, our dataset is built entirely from the Xeno-Canto collaborative database4, a huge
collection of audio recordings shared from all over the world. A copy of the audio files can be obtained on
request from the authors.

METHOD
Our overall architecture follows Kahl et al. [6]. We start by splitting each audio file into chunks of five seconds
with an overlap of one second. This way we can work with a unified input size for our neural network and we
are able to cut out the parts of the recordings where the bird is not audible. In a first step, we generate the
spectrogram for each five second chunk. Details are discussed in Section 3.1.
Next, in Section 3.2 we propose an adaptive denoising of the spectrograms using quantiles. In a third step, in
Section 3.3 we propose a novel algorithm to remove those chunks which do not contain bird sounds from our
training set. Our proposed algorithm also works for general speech detection.
Finally, the denoised spectrograms are fed into a convolutional neural network to classify the species of the
birds that can be heard in the original five second chunk. Details are discussed in Section 3.4.

3.1 Generating spectrograms
To obtain time-frequency information about a signal f , we sample the short-time Fourier transform (STFT) on
the grid aZ× bZ of R×R, where the parameters a > 0 and b > 0 determine the distance between the grid
points. Since our signals are compactly supported in both the time and the frequency domain, we can even
store just a finite set of values without losing any information. The goal of the STFT is to find the frequency
spectrum of the signal f at any given time x. This is done by localising f to a neighborhood of x using a
window function g 6= 0 and taking the Fourier transform of the resulting function:

Vg f (x,ω) =
∫
R

f (t)g(t− x)e−2πitω dt, x,ω ∈ R.

Two questions arise from this definition: First, we have to find suitable sampling constants a,b > 0 when
discetizing the STFT. This problem is easily solved by requiring a fixed spectrogram size to use as input for our
neural network. Second, the window function g plays an essential role in the construction of the STFT. Indeed,
it is well-known that the shape of the time-frequency spectrum depends quite sensitively on the properties of
the window function under consideration. A simple selection might be a characteristic function with window
length L > 0: g(t) = 1 if t ∈ [−L/2,L/2], and g(t) = 0 otherwise. This way, to compute the STFT at time x the
signal is simply cut to a neighborhood of length L around x. In fact, this is the choice made by Kahl et al. in
[6] with a window length of 0.05 seconds.

4https://www.xeno-canto.org/
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However, by using a characteristic function as our window function, we obtain an inadequate frequency resolu-
tion. We refer to [5] for a discussion of the theoretical background of the STFT and its discretized version, the
Gabor transform, as well as the issue of choosing an appropriate window function. Consequently, to enhance
the frequency resolution and to avoid artefacts, in this paper we use a smooth function g, for which g together
with its Fourier transform ĝ both decay rapidly. The Gaussian window function

ga(x) = e−πx2/a

with a > 0 fulfills this requirement. In fact the time-frequency resolution based on the Gaussian window has
certain optimality properties related to the Heisenberg uncertainty principle, see [5].

Figure 1. Log-scaled spectrogram of a blackbird song computed with the window function being a characteristic
function with a window length of 0.05 seconds (left) and a Gaussian window g1 (right).

Figure 1 shows the effect of different window functions on the time-frequency resolution of the Gabor transform.
The absolute values of the Gabor coefficients were scaled logarithmically to show the differences more clearly.
All spectrograms containing the absolute values of the Gabor coefficients were generated with the ltfatpy pack-
age5, a partial Python port of the Large Time-Frequency Analysis Toolbox (LTFAT) [7]. This toolbox also
provides a convenient tool to calculate the sampling constants we need, so that the spectrogram has the desired
size for our neural network input.

3.2 Denoising
It seems obvious that the clearer the input spectrograms are, the easier it is to properly recognize their un-
derlying patterns. Driven by this idea we have tried several methods to algorithmically remove the ambient
noise. With the varying environmental conditions in mind we have focused on methods that are able to adapt
to different types of noise. Specifically, we expect our signals to consist of clean speech degraded by statisti-
cally independent additive noise. The clean speech and the observed noise signal are modeled as realizations of
processes with respective power spectra S(ω, t) and N(ω, t), as in [10]. As the speech and noise signal are as-
sumed to be additive and independent, the power spectrum of the observed signal is X(ω, t) = S(ω, t)+N(ω, t).
Denoising therefore consists of two steps: First we estimate the noise and then we remove it.
To this end we adopt the back-end processing approach by estimating the noise directly from the noisy speech
signal. Quantile-based noise estimation methods make use of the fact that even in speech sections of the input
signal not all frequency bands are permanently occupied with speech but rather exhibit high energy levels, see

5https://pypi.org/project/ltfatpy/
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[10]. In fact, for a significant percentage of time the energy in each frequency band is on noise level. Thus
the noise power spectrum for a given chunk is estimated from the observed speech signal by taking the q-th
quantile with respect to the time variable, that is N(ω, t) = X(ω, tbqTc). Since we calculate the quantile over
each chunk, the computational cost and the memory consumption for estimating N(ω, t) remain low. The key
benefit of quantile-based methods is their ability to adapt not only to the different types of stationary noise but
also to non-stationary noise which may result from an abrupt increase in the noise energy. Furthermore, the
quantile is not sensitive to outliers.
In the additive noise model, the clean speech can then be estimated by subtracting the estimated noise from the
received signal, see [1]:

|S(ω, t)|2 = max(0, |X(ω, t)|2−|N(ω, t)|2).

Figure 2 shows the spectrogram of a whitethroat song before and after denoising.

Figure 2. Comparison between a noisy spectrogram (left) and the corresponding denoised spectrogram based on
quantiles with q = 0.8 (right).

3.3 Birdsong detection
Spectrograms containing birdsong can be viewed as a landscape. The mountainous parts represent changes of
the energy level of some frequency at some time, which characterizes speech. The flat parts represent constant
energy levels, which mostly characterize noise. Our idea for detecting speech is to get rid of most of the flat or
low fluctuation part and to check whether the remaining mountainous part is dense enough. Our novel algorithm
to detect chunks that contain birdsongs consists of the following three main steps.

1. For each chunk we create an additional spectrogram by taking g0.01 as the window function. This choice
results in an improved localization in time at the cost of a reduced frequency resolution. The increased
time resolution is legitimated by the fact that we do not expect a bird to sing continuously in the whole
chunk but to hit frequencies above the noise level at specific points in time. Due to different birds singing
at different frequencies, increasing the frequency resolution has no added value.

2. We denoise the previously created spectrograms by setting q = 0.7 for the quantile method. We have run
several tests showing that this rather high value for q works for almost all bird species we are dealing
with. Although a huge amount of the signal is removed, the part left is still significant enough to per-
form the upcoming classification. This step generally works fine with values of q between 0.6 and 0.8
depending on how many pixels the noisy spectrogram shows.

3. We apply morphological filtering to detect consistent speech. This is based on the fact that speech re-
gions of the spectrogram are identified on the proximity of high energy regions to neighbouring high
energy regions in the three-dimensional space, see [3]. The combined morphological operations6 of first

6https://docs.opencv.org/3.0-beta/doc/py_tutorials/py_imgproc/py_morphological_ops/py_morphological_ops.html
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erosion and then dilation are applied to a binary thresholded version of the degraded spectrogram to high-
light probable speech regions. The process of erosion removes those sparse high energy regions. The
remaining regions must have been dense before erosion. The process of dilation then tries to restore
the neighborhood around these regions. The combination of the two techniques results in a non-linear,
time-frequency filter.

Chuncks, where the spectrogram contains at least one pixel after this process, are then classified as containing
birdsong. Our method depends on the following tuning parameters: the width a of the Gaussian window func-
tion in the Gabor transform and the quantile q for denoising, as well as the kernel size k and the number of
iterations i for the morphological operations. Figure 3 illustrates the detection steps.

(a) (b)

(c) (d)

Figure 3. Detection steps: a) The original spectrogram, b) increased time resolution, a = 0.01, c) quantile based
denoising, q = 0.7, d) Morphological filtering: 2x erosion followed by 2x dilation each with a 5×5 kernel.

3.4 Birdsong classification
To keep our results comparable to current state-of-the-art methods, we chose the same hyperparameters for our
neural network training as in [6]. We therefore augmented our spectrograms by incorporating a random vertical
roll of up to five percent and adding random Gaussian noise as well as pre-chosen noise samples. These samples
are the same as the ones used in [6]. The size of the spectrograms as our network input was set to 512×256
pixels. Since the recordings in our dataset do not contain many background species, we chose not to use batch
augmentation.
To keep the computation time as short as possible, we used the smallest model (model 3) from [6] as our CNN
architecture. The resulting net consists of five convolutional layers with an increasing number of filters (from
32 up to 256) followed by two dense layers with 512 neurons each and the output layer. Since our dataset with
74 different classes is not as diverse as for example the BirdCLEF dataset, this rather small model proved to
be sufficient for our cause. Five percent of our training set were used as a validation set.
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As in [6], we trained for 55 epochs, decreasing our learning rate from 0.01 to 0.00001. Since we worked
on the single-label szenario, we used categorical cross entropy as our loss function and ADAM updates for
optimization. Our batch size was 128.
All training was done in Python using Lasagne [2], a library for training neural networks built on Theano
[11]. Our generated spectrograms were saved as NumPy arrays, while the noise samples were processed using
OpenCV. For the calculations we used a single NVIDIA Titan Xp graphics card. Our code is available on
GitHub7.

RESULTS
In a first experiment we were interested to see how our approach compares to state-of-the-art methods. First we
applied the original method proposed by Kahl et al. [6] to the dataset under investigation in the present paper.
We then incorporated our changes – using a Gaussian window, denoising the spectrogram with quantiles and
changing the method for detecting bird sounds in the five second cunks – into this method and trained a new
network with this altered approach.

Figure 4. Progression of the accuracy achieved on the validation set during training.

Figure 4 shows how the accuracy on the validation set changed during training for both methods. The compar-
ative method achieved an accuracy of at best 89.0%, while our approach led to an accuracy of up to 96.9%.
A comparison of the signal chunks chosen for training for both methods shows us that with our altered approach
more chunks are identified as bird sound, increasing our total amount of spectrograms used for training from
71.470 to 83.014. To check whether the different compositions of the datasets led to different "glass ceilings"
for the classification accuracy, we repeated our experiment with the larger model 1 from [6] pretrained on the
BirdCLEF 2017 dataset. With this approach we achieved a validation accuracy of 96.6% with the comparative
method and 97.7% with our method, indicating that in fact using a Gaussian window instead of a characteristic
function and denoising the spectrogram has significant impact on the performance of our neural network.
We then tested different ways to feed the Gabor coefficients into the neural network. In our first run we simply
used the absolute value of the coefficients obtained by using a Gaussian window with a time/frequency support
ratio of 1. However, when displaying spectrograms, usually the logarithms of the squared absolute values are
used to draw a connection to the volume of the signal. These representations show more detailed information
to the human eye, so we trained a new neural network on the logarithmically scaled spectrograms. As an
additional setup, we used the real and the imaginary part of the coefficients as separate input to also account
for the phase instead of only looking at the energy when working with the Fourier transform of the signal.

7https://github.com/Heuersv/Birdsong-Classification
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In these tests we always used a window with a time/frequency support ratio of 1. Since it was not clear
whether a higher resolution in time or frequency might be advantageous, we tested a last setup with three types
of spectrograms: One with a time/frequency support ratio of 1, one with a ratio of 0.01 (better time resolution)
and one with a ration of 100 (better frequency resolution).

Table 1. Results of different approaches using a Gaussian window function.

Method best validation accuracy after ... epochs
Absolute values 96.9% 39

Log-scaled absolute values 95.9% 50
Real and imaginary part 96.4% 50

Abs. values, three resolutions 96.6% 48
Re. and im. party, three resolutions 96.4% 52

The results of all these experiments are summarized in table 1. We see that scaling the absolute values loga-
rithmically does not yield the desired improvement, which is why we omitted this variant when using different
resolutions. Apart from that, every approach led to very similar results with the original variant of using just
the absolute values of the Gabor coefficients seemingly working best.
However, the differences aren’t huge, indicating that a different approach might just work better when con-
fronted with a more difficult dataset. Also, further experiments with the spectrograms generated using a charac-
teristic function as the window function indicated that using a deeper net significantly improves the classification
accuracy, though at the cost of longer computation time. We used a 13 layer deep neural network with an ar-
chitecture inspired by the VGG16 architecture from Simonyan and Zisserman [8] and achieved a validation
accuracy of 95.8%, an improvement of 6.8% compared to the more shallow model 3 from [6].

CONCLUSIONS
The results of this paper indicate that a deeper understanding of the mathematical foundation of the short-time
Fourier transform can help to improve current benchmark algorithms for birdsong detection and classification.
By using different window functions and improved denoising algorithms we were able to outperform current
state-of-the-art algorithms in the setup investigated in this paper. Using denoised spectrograms for training our
neural network also enabled us to compress our data without loss, saving disk space. We expect our results to
extend to similar tasks in audio analysis.
In a next step, we aim to test our methods on large-scale datasets like the BirdCLEF datasets. Especially the
soundscape scenario is of particular interest to us. Additionally we wish to examine different window functions
for the Gabor transform, in particular those with compact support to reduce computation time. Lastly, using
a convolutional neural network on the spectrogram might not be the best machine learning approach for audio
analysis. We intend to use different architectures like recurrent neural networks in the future to account for the
time dependency of audio signals.
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ABSTRACT 
Many species in diverse taxonomic groups, including rodents, bats, and insects, communicate with complex 
ultrasonic vocalizations (USVs) (>20 kHz). Two main components of processing and analyzing USV 
recordings include detection and classification of syllable types. Recently we developed an efficient 
algorithm for detecting mouse USVs (Automatic Mouse Ultrasound Detector (A-MUD)). The main 
challenge is detecting USVs under conditions with a low signal-to-noise ratio, while minimizing rates of 
false positives (FP). Mice produce many short USVs (< 10 millisecond) that inflate FPs. We aimed to 
improve the detection of mouse USVs with A-MUD by classifying vocalizations into three discrete syllable 
types (with 0, 1, or ≥2 frequency-jumps) or FP. Supervised Convolutional Neural Networks (CNNs) were fed 
by 2D Gammatone Spectrograms (GSs) adapted to the frequency range of mice. Evaluation of performance 
shows that CNNs yielded an overall accuracy of 95±1.2% and macro-F1 score of 90±2.7%. In contrast, 
multilayer feed-forward neural networks fed by vectorized spectrograms provided an overall accuracy of 
only 85.4±1.9% and macro-F1 score of 75.4±2.9%, and therefore, the chosen CNNs outperformed this 
conventional classification method. 
 
Keywords: Deep learning, Ultrasonic vocalizations (USVs), Image-based classification 

1. INTRODUCTION 
Mice like other taxonomic groups use ultrasonic vocalizations (USVs) (20-120 kHz) to 

communicate. USVs are emitted by mouse pups when they are in distress or away from their mother, 
and by adults when they socially interact (1, 2). The function of USVs in house mice may be to convey 
information about a signaler's identity (species, sex, age), sexual motivation, health and social status 
(3-7). USVs are increasingly used for investigating the genetic basis of autism and human speech 
disorders (8, 9). Analyzing USV data is extremely time-consuming, however, and better methods for 
automatic detection and classification of USVs are needed.  

There are commercial and non-commercial software tools for automatic detection of USVs 
available, including the following: MUPET (10), mouse song analyzer (11), Avisoft SASLab Pro 
(Version 4.2, Avisoft Bioacoustics, Berlin, Germany) and SONOTRACK (Version 2.2.4, Metris, 
Netherlands). Their performance is acceptable for recordings of mice having a high signal-to-noise 
ratio (SNR), but noisy recordings, such as vocalizations emitted during sexual or social interactions, 
are problematic. We developed an automatic method, the mouse ultrasound detector (A-MUD) 
(version 1.0), which has very good performance under such conditions (12). Our most recent version 
(3.2) (13) has an even lower false negative rate (FNR), caused by missing short syllables (≤ 10 
milliseconds) and faint (low amplitude) USVs; however, it has a higher false positive rate (FPR). This 
is an inescapable tradeoff for any signal detection method, as noted by others (14), though we 
nevertheless aim to improve the performance.   

In the development of previous methods, the removal of FPs was conducted both manually (15, 16) 
and automatically (10, 14, 17). Automatic elimination of FPs can be accomplished with unsupervised 
and supervised approaches. Van Segbroeck et al. (10) implemented a K-means clustering algorithm 
(unsupervised approach) (18) in MUPET. They classified detected elements (i.e., USVs or FPs) into 
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100 classes and the user must select which class(es) represent FPs to be removed. K-means clustering 
allows low computational load (10), while it still leaves some FPs unidentified. Coffey et al. (14) also 
attempted to eliminate FPs by supervised trained convolutional neural networks (CNNs). Using a deep 
learning-based approach (19), spectrogram images have been first classified into two classes, FPs 
versus USVs, and then, the identified USVs are reclassified. Although this method has an acceptable 
level of accuracy, the stepwise elimination of FPs and classification USVs is time-consuming (20). 
Moreover, this method assumes that no FPs remain in the data after the first step, and it therefore 
considers no target class for FP in the second step. Our studies show that this assumption not always 
holds, and it may degrade the performance of the model. 

Methods for automatic classification of USV syllable types also employ both unsupervised (10, 21) 
and supervised (14) methods. In the supervised classification (22, 23), observations are manually 
labeled and represented as response variable to the model. Higher accuracy is secured when using this 
method rather than (unsupervised) clustering (24, 25). To the best of our knowledge, DeepSqueak is 
the only available software package that provides supervised classification of USVs using CNNs. The 
model is trained on a relatively high number of samples (56,000 USVs) acquired from the Mouse Tube 
dataset. This model categorizes inputs based on spectrogram images into 5 default classes including 
Split, Inverted U, Short Rise, Wave, and Step. Our examinations of DeepSqueak's performance 
revealed some deficiencies. First, as previously mentioned, FPs are not assigned with a target class, 
which may increase errors in classification. The selection of target classes is normally based on the 
importance of these classes in the behavioral studies of mice (25, 26). However, the authors of this 
method have not discussed the reason for choosing the aforementioned classes. In addition, the 
performance of DeepSqueak classification has not been compared with other models. Finally, CNNs 
used in DeepSqueak is developed on the high-SNR Mouse Tube data. Therefore, a full assessment of 
DeepSqueak is postponed until its application to high-noise data. 

The aims of the present study include the following: (1) classify USVs into four classes, FP, C2, C3, 
and no-jump (NJ), as the most considered classes in mice behavior studies, (2) use low-SNR data for 
training CNNs, and (3) evaluate the feasibility of using spectrogram images as the input for the 
classifier. The latter is considered as the replacement for vectorized images.  

2. DATA and METHOD 

2.1 Data 
Here, we used USV recordings of adult wild-derived house mice (Mus musculus musculus). Animal 

housing and weaning conditions have been previously described (12). A-MUD (version 3.2) is used for 
the detection of elements. Then, they were manually labeled into 4 classes: FP, C2 (one frequency 
jump), C3 (two or more jumps) and NJ (no jumps) (26, 27). For this study, we arbitrarily selected 1000 
members of the class NJ (out of 7000 members), 120 members from C2 and FP, and 75 members from 
C3. 

2.2 Method 
2.2.1 Preprocessing 

For image-based classification, data is given in the form of two-dimensional images (whether being 
an image of a flower or a 2D spectrogram) to a classifier. In the present study, these images were 
derived from the spectrograms of detected elements. Spectrogram computation consists of two steps: 
filtering and applying the short time Fourier transform (STFT) (28). Initially, the signal is passed 
through Chebyshev filter (29) (Type I, order 8, bandpass with corners of  = 30 kHz, and  = 
120 kHz) to extract the desired signal in the ultrasound range. In the second step, according to 
parameters already defined by A-MUD, spectrogram is produced via STFT. Having prepared the mice 
USVs spectrograms, they are postprocessed in two steps. First, for the sake of computational expense, 
following Van Segbroeck et al. (10), the Gammatone filters (30) are used to reduce the size of 
spectrogram array along the frequency axis. Because this filter is primarily defined for the human 
perception of sound )31( , here we adapted it to the frequency range of mice hearing using the filter 
specifications defined in MUPET. Secondly, the function maximum is applied to filtered spectrogram 
and floor noise (10-3). The output is logarithmically transformed and, then, smoothed by using auto 
regression moving-average filter (32) with order 1. The resulting smoothed spectrogram has a size of 
64*401(compare to the original size of 225*401) which is the number of frequency bins multiplied by 
number of time bins. Hereafter, it is called Gammatone spectrograms (GSs).  
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2.2.1 Classifier 
Here, we have compared the performance of two classifiers including CNNs and multilayer 

feed-forward neural networks (MFNNs). Although both techniques are categorized as being deep 
learning algorithm, the main difference is that the former is fed by 2D images while the latter normally 
uses vectorized images as input. Conceptually to preserve the relation of time and frequency, the first 
approach seems far more feasible in our setting. CNNs was first introduced by Fukushima (33) and 
developed by LeCun et al. (34). The successful performance of CNNs in categorizing images has been 
already documented in various fields of study including handwritten recognition (35), object 
discrimination (36), categorization of birds species (37) and identification of environmental sound 
sources (38). MFNNs also performed well in audio analysis disciplines such as marmosets’ 
vocalizations’ classification (39), sound event classification (40), and speech recognition (41). This 
study investigates the use of CNNs, fed by 2D images, for improving USVs analysis. It is inspired by 
the fact that MFNNs with vectorized inputs may lead to a poor classification (42).  

The architecture of MFNNs consists of 4 FC layers (each with 50 hidden neurons), each followed 
by a dropout layer (43) with a probability of 0.5, and the output FC layer with 4 neurons.  

For the development of CNNs, we have used the following structure: the input layer, 8 
convolutional layers (3*3) for extraction of features from images, each followed by an activation 
function of rectified linear unit (ReLU) (44) (set by default parameters), two non-consecutive layers of 
max pooling (2*2) (45) for reduce the size of the input, and two FC layers for classification. The 
architecture of both models is selected based on trial and error.  

To optimize the loss function of categorical cross-entropy in CNNs and MFNNs, Adam algorithm is 
used (46). This loss function computes the dissimilarity between the distribution of predictions (after 
applying the non-linear softmax function) and of the true data using the following equation: 

,  (1) 
Where  and  are the true and estimated distributions of data,  is the softmax function 

and C is number of classes. In order to prevent overfitting, augmentation )36(  is applied to 
the training data. To solve the problem of imbalanced number of class members, we used the 
incorporation of classes weight in the loss function )47( . These weights are obtained by the inverse of 
the number of class members. Finally, 80% of the observations (per class) and their respective features 
are used to train the classifiers. The classification is performed on 5 folds of dataset. 

3. RESULTS 
In this section we will discuss the class separability using unsupervised t -distributed stochastic 

neighbor embedding (t-SNE) )48( . Then, we will present the performance analysis of CNNs and 
MFNNSs. 

3.1 Specifications of Classes  
In Figure 1-a, GSs of 5 randomly selected members from each studied class is shown. The classes 

C2 and C3 are both composed of 2 or more notes (defined as basic acoustic unit which are formed by 
a single continuous sound with gradual variations in fundamental frequency (49)). GSs of the class FP 
only contains noise. Members of NJ (row 3) do not contain jumps, but the overall shape of some 
examples is similar to some jump-contained USVs or the class FP. Hence, the 3D visualization of 
t-SNE (Figure 1-b) shows FP and C2 members overlapped NJ members. But the members of the 
classes C2, C3, and FP are located in a distinguishable distance. It is necessary to note that there is the 
possibility of the co-occurrence of each of the above USV classes members with background noise 
(row 2 column 1 and 4), or USVs might be faint (row 3 column 1), which in this study is not considered 
as a distinct class (e.g. class of noisy USVs).  
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Figure 1 – a) GSs of 5 randomly selected members of four studied classes and b) 3D visualization of t-SNE 

values. Classes are represented by color.  

3.2 Classifiers Performance 
The following table summarizes the performance of CNNs and MFNNs (derived from 5 folds) in 

classifying detected elements. 
 

Table 1 – The performance of CNNs and MFNNs in classifying detected elements into 4 classes. The values 

are means ± one standard deviation. Please note that overall metrics are unweighted average of classwise 

metrics. 

Area under the ROC curve (AUC) )50(  

(classwise) 
Overall metrics 

Models 
FP NJ C3 C2 AUC F1 (%) 

Accuracy 

(%) 

0.95±0.02 0.94±0.01 0.94±0.03 0.91±.04 0.94±0.01 90±2.7 95±1.2 CNNs 
0.85±0.03 0.81±0.04 0.77±0.1 0.8±0.06 0.81±0.05 75.4±2.9 85. 4±1.9 MFNNs 

 
According to the standard metrics of accuracy, macro-F1 score, and the area under the ROC curve 

(AUC) )50( , CNNs gives much better results than MFNNs. Moreover, the variation of MFNNs 
performance metrics between classes is much higher than that of CNNs. For example, MFNNs resulted 
in the AUC of 0.85±0.03 in the class FP and 0.77±0.1 in the class C3, whereas the CNNs equals to 
0.95±0.02 and 0.94±0.03, respectively. Considering the outperformance of CNNs, the rest of the paper 
is allotted to the detail evaluation of this algorithm.  

In Figure 2, CNNs performance is evaluated based on ROC (Figure 2– a) and normalized confusion 
matrix (Figure 2– b). In addition, cases that are erroneously classified by CNNs are depicted in Figure 
2– c. In Figure 2 – a, the ROC curves are accompanied with the AUC values in the legend. The higher 
AUC quantities (ROC closer to top left) show the greater ability of the model to separate the 
corresponding class from the others. According to this figure, the classes FP and C2 have the highest 
and the lowest separability, respectively. The reason for this can be found in Figure 1 – b, where the 
class FP (unlike the class C2) is located in high distance from other classes. In order to better 
understand the CNNs performance, the FPR of the model (those members off the diagonal axis) for 
each class is presented in Figure 2 – b. In this figure, the use of normalization (by rows) is used to 
eliminate the misleading effects of imbalanced classes on the model's performance metrics. 
Accordingly, the maximum within-group error refers to the misclassification of the class C2. Members 
of this class are mainly mistakenly predicted as C3 and NJ. The best result is  obtained for the class FP 
with a prediction accuracy of 100%. These results are most likely not affected by the number of class 
members. As the number of members is equal in three classes FPs, C2 and C3 for train and test. 

 

C2 

C3 

NJ 

FP 

a b 
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Figure 2 – a) ROC curve for each class and micro (weighted)- and macro- (unweighted) average of all classes. 

Micro average is weighted by the number of members. b) Normalized (by row) confusion matrix of CNNs, 

and c) all elements whose labels are mistakenly predicted by CNNs. The green and red labels represent the 

correct and false labels, respectively.  

 
In Figure 2 – c, examples of falsely classified members with their correct labels are shown. As 

expected, the NJ USVs, which mistakenly labeled as FP, have very close pattern to them. The probable 
cause of errors in identifying members of the classes NJ and C2 (which are classified as C3 or C2) can 
be attributed to the background noise. Finally, the classification error in the class C3 can be caused by 
the significant difference between GSs shown in Figure 2 – c (row 3 column 4) and the representative 
pattern of this class. 

4. CONCLUSION 
In this study, we used the image-based CNNs to improve the classification of detected elements 

from mice audio recordings. Target classes, which were selected based on their importance in the 
studies of mice behavior, are three classes of C2, C3, NJ and FP. The comparison of this method with 
MFNNs, fed by vectorized images, shows a much higher efficiency of CNNs. Further examinations of 
CNNs classification show that the background noise in USVs causes the misclassification of the 
classes NJ and C2. Additionally, error rate increases in cases where the pattern in a segment is different 
from the representative pattern of a class. This problem has been identified as the main origin of errors 
in the class C3. We suspect that the performance of CNNs can be improved by using more data, more 
efficient noise removal methods and implementing other CNNs architectures. In the future, we will 
compare the results of this model with DeepSqueak, as the state-of-the-art model for USVs 
classification. 
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From the above boundary conditions φ  can be determined and the sound pressure at the output 
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where k is wave-number, /w wZ c Sρ= , 0U  and LU  are the volume velocity of the input and 
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3. RESULTS AND DISCUSSION 
In the case of elliptical cylinder, the first term of Eq. (9) represented the sound pressure component of 

plane wave.	 LP  is great  in the frequencies where the nominator sin kL becomes zero, namely 

( 1, 2, ..... )
2
c

k L f
L

ηπ η η= ∴ = =                                 (23) 

The frequency illustrated in Eq. (23) is called as the resonance frequency of plane wave. The second term 

of Eq. (9) represented the sound pressure component of higher-order mode. LP  is great in the frequencies 

where the nominator ,sinh m iLμ  becomes zero, namely 

,m i L jμ ηπ=    
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Similarly, in the case of rectangular cube, resonance frequency of plan wave is the same as Eq. (23). The 

resonance frequency of higher-order modes are given as following. 
2 2 2

, ( 0,1, ..... )
2m n
c m nf

a b L
η

π π η π
π

=⎛ ⎞ ⎛ ⎞ ⎛ ⎞= + +
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                      (25) 

For the purpose of attaching SVHU inside the wall, the cavity can be fabricated by a rectangular cube or 

elliptical cylinder form. Be aware that the shape of the cavity has to be selected based on the fundamental 

feature such as low resonance levels, less of resonance generation, high frequency of resonance in order to 
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Acoustic regulations and design of the multipurpose hall and 
exhibition halls of the new Munch museum in Oslo 

Jannicke OLSHAUSEN 

Multiconsult Norge AS, Norway  

ABSTRACT 

This paper presents some acoustic challenges dealt with in connection with the building and construction of 
the new Munch museum in Oslo. The museum for the Norwegian painter Edvard Munch drawn by estudio 
Herreros architects plans to open in 2020. The paper will discuss room acoustical challenges that comes up 
with the multipurpose hall and high ceiling exhibition halls for monumental works by Edvard Munch. The 
paper presents calculation results (carried out in Odeon) in context with the Norwegian standard NS 8178 
“Acoustic criteria for rooms and spaces for music rehearsal and performance” (1) for the multipurpose hall.  
The calculation results of the exhibition halls are compared with the Norwegian acoustic regulations (2) to 
reverberations times in museums.        
 
Keywords: Multipurpose hall, Museum acoustics, Norwegian acoustic regulation 

1. INTRODUCTION 
The engineering phase of the new museum for the Norwegian painter Edvard Munch started in 

2010 and is now in its finishing stage. The museum has 13 floors and is located close to the Oslo 
opera house (opened 2008). Apart from exhibition areas, the museum accommodates an exhibition 
shop, café and cinema in the large lobby area, a restaurant on the top floor, a library, and education 
facilities for school classes and areas for the staff including specialized rooms for conservation. The 
museum aims to be one of the most respected museums in the world and wants to contribute to the 
interest of art.     

The capacity of the multipurpose hall is about 277 to 380 seats, depending on the seating 
arrangement: telescopic seating setup or arena/flat-floor setup. The volume of the hall is 
approximately 3300 m3, having a maximum height of 9 m. The width of the hall is approximately  
15 m and the length of the hall is 26 m. 

The two exhibition halls for Munch’s monumental works have 7 m of ceiling heights, while the 
other nine exhibition halls have approximately 4 m of ceiling heights. The floor area varies between 
300 and 800 m2.  
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2. LOCATION OF THE MUNCH MUSEUM 

The building with label C in Figure 1 shows the location of the new Munch museum. 

 
 Figure 1 - View towards the East of central Oslo, Norway. The location of the new library (A),  

the opera house (B) and the new Munch museum (C). (Illustration courtesy of estudio Herreros) 

 

Within the building, the multipurpose hall will be located on the first floor directly accessed from 
the lobby as shown in Figure 2. 

 

 
Figure 2 - The lobby in the new Munch museum with access to the multipurpose hall by the stairs. 

(Illustration courtesy of estudio Herreros) 
 
As when it comes to the exhibition halls, they are located on floor 2, 3, 5, 6, 7, 8 and 9. 
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3. THE MULTIPURPOSE HALL 

3.1 Acoustic Design Criteria for the Hall 

Music performance has a high priority in the multipurpose hall. For several years the museum has 
hosted the annual chamber music festival, and this tradition should continue in the new building. 

The acoustic design of the hall is based on the Norwegian standard for music rooms NS 8178 (1). 
The standard states the preferred mid-frequency reverberation time as a function of room volume 
depending on the type of music (amplified music, loud acoustic music and quiet acoustic music), see 
Figure 3. The recommended reverberation time is for fully furnished rooms without audience. More 
information about this standard is available in ref. (3). 

 
The reverberation time in Figure 3 is understood as the average in the mid-frequency octave bands 

500 and 1000 Hz. Upper and lower limits of the reverberation time at other frequencies are specified 
in NS 8178 (1) for amplified music and acoustic music, the former demanding relatively short values 
in the bass region, especially at 125 Hz. For acoustic music the reverberation time may be longer in 
the bass region compared to the mid frequencies.  

 
 

Figure 3 - Reverberation time (mid frequencies) as a function of volume after NS 8178 (1).  
Regions with full lines are for performance spaces and regions with dotted lines are for rehearsal rooms.  

1 and 4: Quiet music. 2 and 5: Loud music. 3 and 6: Amplified music.  
C: The hall in Munch museum. 

 

  

C 
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3.2 Geometry of the hall 

Figure 4 shows a 3-D illustration taken from the architect’s ifc model. 
 

 

 
 

Figure 4 - 3-D model of the multipurpose hall illustrating a mixture of the two set-ups for audience 
seating: telescopic seating setup or arena/flat-floor setup (Courtesy of estudio Herreros) 

 

3.3 Material facts 

Table 1 presents a list of the materials that have an acoustical significance for the calculated 
reverberation times. 

 

Table 1 – Materials of acoustical significance and their absorption coefficients 

Materials 125 Hz 250 Hz 500 Hz 1 kHz 2 kHz 4 kHz 

Diffusing/Curved walls, 0% perforation 0,23 0,16 0,12 0,12 0,12 0,14 

Diffusing/Curved walls, perforated  0,41 0,84 0,67 0,64 0,50 0,37 

Audience on flat floor 0,35 0,45 0,57 0,61 0,59 0,55 

Empty upholstered chairs 0,40 0,50 0,58 0,61 0,58 0,50 

Telescopic seating 0,15 0,11 0,10 0,07 0,06 0,07 

Curtains, 90 mm from wall 0,18 0,24 0,38 0,63 0,70 0,73 

 
Figure 5 shows the sound diffusing/curved walls in more detail, having the same geometry as the 

perforated curved plates in front of the glass façade of the Munch museum (for sun shading). 
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Figure 5 - Sound diffusing/curved solid wood panels, 218-270 mm cavity  

(Courtesy of estudio Herreros).  
Picture of the lab model at the bottom for measuring the sound absorption coefficients  

 

3.4 Odeon calculation results 

The reverberation time for the hall has been calculated for two different seating arrangements:  
1. Telescopic seating setup, 277 seats, 15+1 rows (900, 250 mm) 100 m2 stage (h = 0),  

with or without sound absorbing curtains 
2. Arena setup, 340 seats, flat floor, 50 m2 stage (h = 500 mm),  

with or without sound absorbing curtains. 
 

Figure 6 shows the calculated reverberation times for the two audience arrangements, without and 
with sound absorbing curtains. For comparison the upper and lower limits at mid frequencies for 
performance of acoustic music as recommended in NS 8178 (1) is shown (the three straight lines). 
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Figure 6 - Calculated reverberation time for the telescopic seating and arena setup without and with 
curtains compared to the recommend range for performance of acoustic music. 

 
Due to the large seating surface for the arena set-up, this will be less reverberant than the telescopic 

seating setup, but both setups are still considered suitable for acoustical music. Without curtains and 
in the arena setup the course of the reverberation time is closely following the recommended range 
for performance of acoustic music according to NS 8178 (1), see Figure 7.  

 

 
Figure 7 - Calculated reverberation time as a function of frequency for the arena setup  

(flat floor, 50 m2 stage) without sound absorbing curtains. The upper and lower limits shown are for 
performance of acoustic music according to NS 8178 (1). 

 
Table 2 summarize the calculated sound strength G together with calculated mid-frequency 

reverberation times, and for each set of calculated parameters, the hall’s ideal function is specified.  
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Table 2 – Calculated sound strength and reverberation time (mid-frequency)  

for the two audience arrangements 

Alternative 
Sound strength 

G [dB] 

Reverberation 

time [s] 
Suited for 

Telescopic seating without curtains 10 1,8 Quiet acoustic music, min. 

Telescopic seating with curtains 9 1,5 Loud acoustic music, min. 

Arena setup without curtains 12 1,7 Loud acoustic music, max. 

Arena setup with curtains 10 1,3 Loud acoustic music, min. 

4. THE EXHIBITION HALLS 

4.1 Acoustic Design Criteria for the exhibition halls 

Norwegian regulations (2) are strict when it comes to reverberation times in museums. The strict 
requirements came in 2012 in order to reach the desired level of sound quality for hearing disabled 
audience. The intention was good, but for the new Munch Museum it has given the acoustician some 
challenges when it comes to finding enough available surfaces for sound absorbing materials. The 
walls will mainly be covered by paintings and the remaining wall surfaces should easily be repainted, 
changing the background color from one exhibition to the next. 

In Norway the reverberation time (in s) should not exceed 0,2 multiplied by the ceiling heights  
(in m), which in the case for the Munch museum leaves us with requirements of maximum 0,8 s and  
1,4 s in respectively 4 m and 7 m tall exhibition halls. 
 

4.2 Geometrical Facts 

In total there will be nine halls of 4 m height in the museum, and two of 7-8 m height. The width 
of the hall is approximately 17 m and the length of the halls varies between 20 and 30 m. Figure 8 
shows the 3-D calculation model from Odeon for a typical exhibition set up of mobile walls. 

  

 
 

Figure 8 – Odeon calculation model of the two exhibition halls on floor 8  
with a typical set up of mobile walls.   

 
As indicated in Figure 8, the mobile walls of 50 mm thickness are covered by sound absorbing 

material in order to contribute to the sound absorption of the halls. The more mobile walls the less 
reverberant the halls will be, as shown in Figure 9 presenting calculated reverberation curves for 
different set ups. 
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Figure 9 – Calculated reverberation times for different set ups of the exhibition halls compared to 

recommended reverberation time in Norwegian regulations (2) and  
recommended reverberation time for speech (4). 

 
Figure 9 shows that the recommended reverberation times are exceeded for empty halls, and 

different compensating actions will therefore be needed as listed below: 
 All mobile walls will be built with sound absorbing edges 
 The loudspeaker system is designed with a high speech transmission index: STI ≥ 0,6  
 The audience will be guided to the hall through highly absorbing sluices 
 Visitors are offered personal audio guides or headsets for private cell phones 
 All guided tours will have electro acoustical facilities 
 For empty halls, the maximum recommended numbers of visitors are equal to the 

acoustical capacity of the hall.  
 
The acoustical capacity (5) of the halls were calculated using the method described in (6). The 
calculated acoustic capacity for the halls of 4 m height was approximately 110 visitors, and 
approximately 80 visitors in the halls of 7-8 m height. The representative of the museum is 
informed about the hall’s acoustic capacity. If more visitors are present than the acoustic capacity 
it might still be satisfactory, if the percentage of visitors talking at the same time is low.        

5. FINAL REMARKS 
The rather spacious multipurpose hall of the Munch Museum will make it possible to pass on the 

museum’s tradition of having acoustical music performances. A conference set up will require the use 
of electro acoustical facilities. 

The exhibition halls of Munch will have longer reverberation times than recommended due to the 
lack of available surfaces for sound absorbing material, but with restrictions to the number of visitors 
in each hall and with the use of electro acoustical facilities, satisfying conditions for speech will be 
ensured.     
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ABSTRACT
Recent consulting practice has shown an increase in the number of complaints concerned with insufficient 
sound isolation between dwellings. In some of them the sound reduction index value was above the value 
proposed in legislation, but the neighbours’ conversation was heard too clear. Comprehensive analysis has 
shown that in new buildings there is an extremely low ambient noise level, often below 20 dBA. The energy 
efficiency obligation in architecture today introduced extremely good façade windows as a rule, and in the 
same time home appliances and equipment have become too quiet. Such environment enable clear 
recognition of the neighbours’ speech even with enhanced sound insulation. The conclusion is that in 
evaluation of sound insulation between dwellings it is suitable to include somehow, besides Rw or DnT, the 
ambient noise level as an embedded factor. A parameter called Speech privacy class as a measure of privacy 
had been already introduced in the literature. It is defined as the sum of frequency restricted values of D and 
ambient noise level. The paper discusses the possibility of introducing such information regarding privacy in 
assessment of the sound isolation between dwellings and discuss the methods for dwelling soundscape 
control.

Keywords: ambient noise, sound insulation, speech privacy

1. INTRODUCTION
Privacy is an essential element of acoustic comfort in apartments. In multi-dwelling buildings this 

implies that speech originating inside apartment being difficult to hear or understand in the adjoining 
dwellings. In architectural design of buildings speech privacy is considered by selecting appropriate 
values of weighted apparent sound reduction index R’w or sound level difference DnT in all directions 
to adjacent apartments. At that early stage of a building development this is the only physical aspect 
that can be considered concerned with acoustic comfort.

One can find in literature what degree of speech privacy can be expected with different amount of 
sound isolation. As an illustration, one can see the explanations given in an earlier standard proposal 
for the acoustic classification of buildings 1 . It was stated there that with apparent sound reduction 
index of 54 dB loud speech can be "audible, but hardly understandable" or normal speech can be "just 
audible, but not intelligible”.

A number of information in literature shows that speech privacy is a multi-dimensional concept. It 
does not depend only on the partitions’ insulation properties, but also on some other factors. Among 
them the most influencing is the ambient noise level at listener’s position. Descriptions taken from 
the cited document reflects „reasonable quiet environment“ with comment that quieter or noisier 
environment can change that. According to the same document a reasonable quiet environment can be 
understood as the circumstance in which requirement Lden,indoor 30 dBA is met. Practically the same 
requirement for ambient noise in dwelling is specified in Serbian legislation, and probably in 

1 emijic@etf.rs
2 dsumarac@etf.rs
3 bjelic@etf.rs
4 tm@etf.rs
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legislations of other countries.
However, control of noise level during sound insulation measurements performed in various new 

buildings or in retrofitted apartments revel that one can expect the value of ambient noise level in 
rooms within wide limits. It was stated that the average level of ambient noise in the living rooms is 
significantly below 30 dB. In Belgrade the most frequent value of ambient noise level in new or 
renovated buildings is below 25 dBA during the day, and the buildings were found were the equivalent 
noise level is about 17 dBA during evening. That implies a different status of speech privacy with the 
same partitions between dwellings.

Accordingly, the standard data obtained by sound insulation measurement in a building does not 
show to apartments users what kind of property they can expect. Sound insulation measurements show 
the value of the apparent sound reduction index R'w or sound level difference DnT, but do not indicate 
whether this is "reasonable quiet environment", "extremely quiet environment" or "absolute quiet" in 
living rooms. The apparent noise conditions depend on many factors: the noise in the ambient where 
building is positioned, the quality of windows, the concept and quality of installations in the building, 
the proposed level of thermal efficiency (which reflects on windows quality), even the workmanship. 
In the same part of the city noise condition can be different in different buildings.

Thus the information that can announced to people the expected level of privacy, at least in Serbia, 
remains unknown in the evaluation of buildings’ acoustic quality. Only after the building is moved 
tenants in some circumstances address the problem of privacy. Then the first issue arises as how to 
express the state of acoustic comfort in a more complex way, beside R'w or DnT, and second is the 
ways in which noise level can be controlled in order to adjust the speech privacy.

2. A SUGGESTIVE CASE STUDY
An example discovered during sound insulation measurement in a residential building is 

schematically explained in Figure 1. Testing of sound insulation quality in a building was made on 
tenant’s request. The measured value of weighted sound reduction index between two apartments was 
52 dB, as indicated in the Figure. The value is prescribed as requirement in actual legislation 2 which 
is applied as a criterion in buildings design. This means that sound insulation between apartments 
meets the requirement.

However, it has been established that the speech privacy in the two adjacent rooms is different. In 
one direction it was established that the speech from the neighbour could be heard, thus initiated the 
tenant's urge, whereas in the opposite direction such an occurrence was not noticed and the tenants 
had no complaint about privacy. This difference in voice transfer is indicated in the figure. In analysis 
of the speech detection difference in two directions, that is, on two sides of the same wall, the same 
group of people was used as the source of speech at both sides and the same group of listeners was at 
both rooms, thus eliminating the possible influence of individual differences between speakers and 
listeners.

Figure 1 – Illustration of an example that was analysed

In order to explain this phenomenon, beside sound insulation, an equivalent ambient noise level was 
measured in both rooms, as well. The results are also shown in the Figure 1. In a room where it was 
not reported to hear the speech from the neighbour, the value of equivalent noise level was about 
30 dBA. It is the value stated in the legislation as the maximum noise level during the night in 

LAeq=30dBA LAeq=20dBAR’w=52dB

it's not heard

it's heard
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apartment. The value is consequence of the existing windows’ sound insulation properties, as well as 
some unknown noise sources distributed somewhere in the apartment. In the adjacent apartment, 
behind the partition, where the speech from the neighbours was recognized, the value of the equivalent 
noise level was only about 20 dBA. It was discovered that new façade windows of high value of the 
sound reduction index were installed, and all home appliances were brand new and very low noise. 
This difference between two apartments has made the difference between signal-to-noise ratio in two
rooms. Therefore the speech privacy on two sides of common partition is different even though the 
sound isolation is unique.

Hence, the speech privacy as an important element of the acoustic comfort is not determined only 
by the value of R'w or DnT, but also by the ambient noise around a potential listener. In addition, in 
two phases of sound insulation testing – in building design by calculation and by measurement of 
sound isolation after buildings is completed – only sound insulation is consider. In order to obtain a 
more reliable insight in acoustic comfort the analysis must be extended to include information 
concerned with ambient noise in the relevant rooms. Only then the expected speech privacy in the 
building can be evaluated more reliable.

Testing the building acoustic quality today includes only the sound insulation measurement, so 
only the parameters in that domain are available for the building evaluation. The fact is that the 
ambient noise is not the subject of measurements in finished buildings, until some problem occurs as 
with excessive noise of nearby mechanical equipment. The fact is also that in this moment there is no 
data on ambient noise level statistics in dwellings today during period of noiseless activity, like during 
the night. Therefore, no relevant conclusions about the expected speech privacy in buildings. The only 
available dwelling noise data is concerned with some noisy activities like cooking, family gathering, 
listening music, playing musical instrument, etc. 3 .

3. QUANTIFYING THE EFFECT OF “SILENCE” ON SPEECH PRIVACY
For better understanding the influence of “silence”, i.e. ambient noise, on speech privacy it is 

important to discover some method for measuring the event. A possible solution one can find in an 
US standard. Document ASTM E2638 introduces the parameter called Speech Privacy Class (SPC) 
4 . The standard is based on results published by Bradley et all 5 . SPC is obtaining by measurement 

in building and represents the degree of speech privacy provided by a closed room for conversations 
occurring inside. Its value is a sum of two basic elements that determine the speech communication 
between the room and its surrounding: sound isolation provided by the room envelope and background 
noise at the receiving point. Value of SPC is expressed as the sum of sound level difference D and 
ambient noise level Lamb, both in dB:

SPC = D + Lamb (1)
Both element on right side in Eq (1) are unweighted average of 1/3 octave band values from 160 Hz 
to 5 kHz, 16 values in total. Thus the SPC value is defined as a sum of two factors that both have 
influence on speech audibility and intelligibility.

The SPC is defined in the standard as the security and confidentiality measure for the speech in 
meeting rooms, i.e. for leakage of speech signal from meeting room interior to some points outside it 
where the potential listeners may be located 4 . Although developed for such particular purpose, that 
concept has the potential to be applied for privacy assessments in residential buildings, too.

Effort to describe expected level of speech privacy for different values of the SPC parameter one 
can find in literature 4,5 . Description specifies probable level of speech audibility and intelligibility.
For example, at values SPC > 85 speech sounds becomes inaudible, and for SPC between 65 and 70 
speech sounds is „frequently audible“ and „brief phrases expected to be rarely intelligible“ 5 .

In the part of the world where ISO standardization is preferred, determination of building’s acoustic 
quality is based on measurement of the apparent sound reduction index R’ according to ISO 16283-1
6 and the equivalent ambient noise level LAeq expressed in dBA according to ISO 1996-1 standard 
7 . The result of the soundproofing measurement is expressed by the relevant value of the isolating 

power R'w calculated according to the standard IS0 717-l 8 . The authors of this paper in an earlier 
work proposed a modification in the SPC concept introducing the values obtained by measurement 
procedures according to ISO standards applied in Europe 9 . A parameter equivalent to SPC was 
introduced, named Speech privacy index (IPR) and defined as:

IPG = R’w + LA,eq (2)
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In a previous study by this authors it has been experimentally shown that the IPG estimate with 
appropriate accuracy the value of SPC, which means that it can also be used in the same way to 
evaluate the speech privacy between the rooms, but using parameters defined by ISO and routinely 
measured in buildings 9

The importance of ambient noise for speech privacy is also recognized in evaluation of open space 
offices acoustic quality. In an ISO standard where all relevant parameters for these specific areas 
quality evaluation is defined, the equivalent ambient noise level is also proposed as an important 
parameter 10 . In the evaluation procedure described in this standard the effect of noise is observed 
indirectly by means of Speech transmission index (STI) decay with distance form speaker. There is a 
distance from the speaker where the voice immerse into the existing ambient noise and thus the speech 
intelligibility practically disappear. It was shown that speech become unintelligible when STI reach 
the value 0,2 10 . That distance is named “privacy distance”. In many circumstances some supporting 
systems for controlling the level of ambient noise are used for that purpose.

Although the SPC was originally defined as a parameter that should show the possibility of leaking 
the conversations from the business meeting rooms, such of concept can be used to estimate acoustic 
comfort in other circumstances, like in residential buildings. Thus IPG, or just equivalent noise level,
can be used for making statement about speech privacy, along with regular parameters used for 
characterization of sound insulation in the building.

4. CONCLUSIONS
Idea for this paper was initiated during several investigations of complaints by tenants in new and 

renovated residential buildings addressed to inadequate level of privacy. The problems are identified 
as unwarranted audibility and intelligibility of speech coming from the neighbours. The problem 
appears despite the fact that measured values of the parameters showing the sound insulation quality 
are in line with design’s goals and proposals in legislation. The presentation in this paper discusses 
the need for some changes in engineering practice that can relax the problem to some extent, as well 
as open some topics for future consideration. Some suggestions are defined based on these authors 
experience in attempting to solve somehow the reported problems. In conclusion, three main topic 
found important for further consideration are explained below.

1. The basic goal of any sound insulation measurement in buildings is to obtain relevant 
information about the acoustic comfort that tenants can expect. However, the speech privacy does not 
depend only on sound insulation, but also on the existing ambient noise level. Therefore, it would be 
informative to show in the R 'or Dnt measurement reports the measured values of the equivalent noise 
level in the source and receiving room, as well. The time interval of the noise measurement can be 
discussed. It can be, for example, an interval of 15 minutes with keeping under control possible 
accidental acoustical events in the surroundings.

2. Setting the ambient noise level at the design stage by selecting window sound insulation is not 
an action with a controllable results. So, it is easy to achieve the condition of an "excessive silent" in 
the dwellings, which enables the audibility and intelligibility of speech coming from the neighbours. 
It is therefore reasonable to concern the research of soundscape in dwellings, i.e. research of the 
ambient sound character that could adjust the level of masking without disturbance and which would 
allow normal activities, even the dream. Then the "excessive silent" in the dwellings would be only 
one tenants’ option, not a permanent status.

3. Research in the domain of sound masking in dwellings have to include design of equipment with 
physical characteristics appropriate for application in dwellings. Unlike the equipment used in the 
offices, in dwelling that have to fit sophisticatedly into the ambient, remaining sufficiently invisible 
and without the possibility for people to detect the position of the sound source. Today's audio 
technology offers sufficient solutions that just need to be combined in the right way. This means that 
the concept present from a long time ago in offices has to be adapted and used in dwellings.

ACKNOWLEDGEMENTS
This paper is realized as a part of activities supported by Serbian Ministry of Science and 

Environmental Protection, grant TR-36026.

REFERENCES
1. ISO/TC 43/SC 2 N 1218, TU0901 Proposal CS for NWIP 2013-11-

2949



for dwellings”
2. SRPS U.J6.201 „Akustika u zgradarstvu –
3. Noise in dwellings generated in normal 

home activities – general approach , Forum Acusticum, Aalburg, 2011, Proceedings, 1335-134
4. ASTM E2638 – 10, „Standard Test Method for Objective Measurement of the Speech Privacy Provided 

by a Closed Room“, 2017.
5. J.Bradley, B. Gover, „Speech Privacy Class for Rating the Speech Privacy of Meeting Rooms“, Canadian 

Acoustics, Vol. 36 No. 3 (2008) 22-23
6. ISO 16283-1Acoustics — Field measurement of sound insulation in buildings and of building elements 

— Part 1: Airborne sound insulation environmental noise — Part 1: Basic quantities and assessment 
procedures 

7. ISO 1996-1 Acoustics — Description, measurement and assessment of environmental noise — Part 1:
Basic quantities and assessment procedures 

8. ISO 717-l Acoustics - Rating of sound insulation in buildings and of building elements - Part 1: Airborne 
sound insulation

9. „Speech Privacy Class in ISO standardisation’s 
world“, paper in preparation for publishing

10.ISO 3382-3 Acoustics — Measurement of room acoustic parameters — Part 3: Open plan offices

2950



Derivation of time-domain surface impedance boundary conditions based on
in-situ surface measurements and model fitting

Baltazar BRIERE DE LA HOSSERAYE(1), Huiqing WANG(1), Fotis GEORGIOU(1), Maarten HORNIKX(1), Philip W.

ROBINSON(2)

(1)Eindhoven University of Technology, The Netherlands, b.g.j.briere.de.la.hosseraye@tue.nl
(5)Facebook & Oculus, The United States, philrob22@fb.com

Abstract
In order to achieve accurate time-domain wave-based simulations of a real room, the acoustical properties of
the locally reacting materials within the room have to be implemented as time-domain impedance boundary
conditions (TDIBC), in such a way that the behavior of the materials is well-simulated within the wave-based
solver. This paper presents the implementation of such TDIBCs of two materials: a porous absorber and an
acoustic carpet. Firstly, the material properties were measured both in the impedance tube and in-situ with
a pressure-velocity sensor. Advantages and drawbacks experienced with both methods in this context will be
presented. Next, the measurement results were fitted to broadband impedance models to extend impedance
data to the lower frequency range (20 Hz – 300 Hz), resulting in broadband impedance data (20 Hz - 4000
Hz). Finally the TDIBCs, in the form of complex reflection coefficients, were fitted as discrete sums of rational
functions.
Keywords: Time-domain boundary condition; In situ measurement

1 INTRODUCTION
The accurate modelling of the acoustical properties of surfaces used as BCs is one of the challenges inherent
to room acoustics simulations, as the accuracy of the results will depend on the proper modelling of the BCs,
regardless of the algorithm used. The required boundary conditions data differs depending on the simulation
method. For geometrical acoustics algorithms, the random incidence absorption coefficient is normally used.
For wave-based methods in the time-domain, which is of interest in this paper, data of the surface impedance
(or reflection coefficient) is needed. Moreover, if the surface impedance is obtained in the frequency domain,
as it usually results from measurements, it is required to translate it into time-domain boundary conditions
(TDBCs).
This paper proposes a three-steps methodology to implement such TDBCs from measurement data, for the
Discontinuous Galerkin (DG) simulation of a reverberant room treated with two materials that can be treated as
locally reacting: a 40 mm thick porous panel and a 8 mm acoustic carpet.
In Section 2 of this paper, the measurements of the two materials from two different methods is described
and the results are discussed. In Section 3, impedance models are derived and fitted to the measured data
to yield broadband impedance results. Finally, in Section 4, the reflection coefficients from the models are
approximated as discrete sums of infinite impulse response (IIR) filters to serve as TDBCs. These TDBCs
where subsequently used to simulate impulse responses and compare them with measured IRs in (8), of which
this paper is a companion.
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2 IMPEDANCE MEASUREMENTS
2.1 Methods
Two distinct approaches were used to measure the surface impedances of the acoustic materials: a Kundt’s tube
method, as laboratory approach of small materials samples, and a pressure-velocity (PU) measurement device,
as an in situ approach of the material applied in the room.

2.1.1 Kundt’s tube
The Kundt’s tube measurements were realised using the so-called transfer function method. The microphones
and the speaker used for the measurement are connected to amplifiers which in their turn are connected to a
Creative EMU 0202 USB audio device. Impuse responses are acquired from a desktop running Dirac 7841 v6.0
room acoustic software. The working frequency range of the setup used is 100-2500 Hz, the upper value being
limited by the relatively large microphone spacing. Further description of the measurement setup can be found
in (2).
A 40 mm diameter sample is cut from the material to be placed at one end of the tube. After the sample was
placed and the tube carefully sealed, an exponential sweep sine signal is sent through the loudspeaker located
at the opposite end of the tube. The impulse response was then captured at 5 different locations within the
tube, with one single microphone per measurement in order to avoid microphone calibration errors. The sweep
signal used had a duration of 2.73 seconds, and the measurement performed with 8 pre-averages to increase
the signal-to-noise ratio. The frequency responses were acquired with a sampling frequency of 192000 Hz and
de-convolved into impulse responses by Dirac.
In the post processing part, the impulse responses captured were aligned in time using the measured speaker-
to-microphone distances, and the surface impedance was retrieved from the correlated IRs using the transfer
functions technique.

2.1.2 In situ PU probe setup
The second setup is an in situ measurement setup making use of a pressure-velocity (PU) sensor, which captures
the pressure and particle velocity in one single direction. It is attached to a small spherical loudspeaker, with a
speaker-to-sensor distance of 26 cm. The pressure and velocity signal are then connected to a signal conditioner
and a front-end. The controls are done from a laptop running the Velo 4.A acquisition software.
The measurement were realized "in situ", directly at the materials mounted in the room. Before measuring,
the device was carefully oriented to capture the velocity in the direction of the loudspeaker-probe axis, and
a first calibration recording realized with the sensor far from any reflecting plane (“free field measurement”).
Subsequently, the device was mounted on a tripod to capture the velocity normal to the sample surface, with
a probe-to-sample distance of 10 mm, and the pressure and velocity were captured. The signal used was an
internal sweep sine (80 to 12000 Hz) of duration 10 seconds and the measurement was repeated 5 times at
different locations on the samples.
The surface impedance was retrieved from the recordings using the so called Mirror-Source method (see in (1)),
and a moving average filter was applied on the spectra to reduce the influence from unwanted reflection on the
results. The result were then averaged over the various measurement locations. The working frequency range is
300-8000 Hz.

2.2 Results and discussion
As can be seen in Figure 1 (a), the complex surface impedance resulting from the tube and from in situ
measurements are in good agreement for the porous panel, particularly above 1 kHz. The wiggles observed
in the in situ results below 1 kHz are thought to stem from edge diffraction of the sample measured in situ
(see (3)).
However, the surface impedance of the carpet as measured in the tube differs from the in situ measurement, as
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Figure 1. Comparisons of measured impedances with two different methods. (a): panel, (b): carpet. Plain line:
impedance tube, dashed line: PU in situ

seen in Figure 1 (b). Particularly the peak in absorption coefficient, not shown here, was measured by the tube
method at a much higher frequency (around 1300 Hz) that what was expected from the commercial data (600
Hz). The reason for this mismatch is likely that the cutting of the sample and/or the mounting in the tube,
required for the Kundt’s tube measurement, modifies the acoustical properties of the carpet. In the room, carpet
tiles of 0.96x0.96 m tiles were measured, while it was cut into a 40 mm diameter disk to fit in the tube. As
the surface impedance data needed should be close enough to the one of a sample of infinite dimensions, it
seems that the results from the tube yielding irrelevant data.
It appears from the measurement campaign that both measurement methods have drawbacks in capturing acous-
tical properties of surfaces: The accuracy of the PU-based in situ technique relies much more on factors difficult
to control: measurement environment, reflectiveness of the sample under consideration, etc. Whereas the Kundt’s
tube method allows to measure the lower frequency range more accurately, it also can suffer from the cutting
of the sample and the mounting in the tube, that can result in a deterioration of the acoustical properties, as it
seems to be the case for the carpet measured here.

3 Model fitting
In order to obtain full-range impedance data of the two materials, broadband impedance models were fitted
to the measurement results. This section describes the impedance models used and presents the full-range
impedance data obtained after fitting.

3.1 Impedance models
3.1.1 Wall panel
The results from the measurements of the porous panel is compared to the impedance model by Miki for
porous media, described in (4). This model takes in account two parameters: the air flow resistivity σ and
The thickness of the sample d. In this model the normalized characteristic impedance Zc and the propagation
constant γ of the medium are calculated by empirical laws, that will not be described here for sake of brevity.
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3.1.2 Carpet
A 5-parameters model for the carpet has been developed for the resonant carpet. This model assumes that the
carpet impedance is a combination of two impedance types (5):

• a porous material impedance, fitted with the aforementioned Miki’s model. The fitted impedance is re-
ferred to as Zporous,

• a ideal membrane resonator impedance. The equivalent resonator is described with: the thickness of the
backing air layer dres, the mass per unit area of membrane m, and the damping factor r. The complex
surface impedance of the resonator is calculated as

Zresonator( f ) =
r

ρc
+

j
ρc

(
2π f m−ρccot

(2π f
c

dres

))
. (1)

The surface impedance of the carpet is then modelled as the parallel circuit equivalent of the two impedances:

Zcarpet =
ZresonatorZporous

Zresonator +Zporous
. (2)

3.2 Results and Discussion
Fitting of the Miki model to the panel’s measurement was realized on the in situ results over the frequency
range 300-4000 Hz. The fitted parameters chosen are presented in Table 1 and the comparison of the resulting
impedance with the in situ measurements is showed in Figure 2 (a). The model is in agreement with the in
situ measurement in the frequency range 300 Hz-4 kHz. The full-range (20 - 20000 Hz) normal incidence
absorption coefficient derived from the model is physically admissible over the full range (0 < α < 1), as seen
in Figure 2 (b).

Parameter [unit] Fitted value
σ [Pa · s/m2] 63000

d [mm] 37

Table 1. Parameters of fitted Miki models
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Figure 2. Porous panel fitted model. (a): Impedance compared to measurements, (b): full range absorption.
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Figure 3 (a) shows the fitted model of impedance for the carpet against measurement, as well as the full range,
normal incidence absorption coefficient of the model. It can be seen that the agreement is good only above 400
Hz. This could be because the carpet is a more reflective surface than the panel, which decreases the accuracy
of the in situ technique at low frequency. Furthermore, the absorption coefficient showed in Figure 3 (b) derived
from the model shows to be admissible over the full audible frequency range.
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Figure 3. Carpet fitted model. (a): Impedance compared to measurements, (b): full range absorption.

Parameter Fitted value
σ [Pa · s/m2] 6500

d [mm] 8.5
dres [mm] 2.6
m [g/m2] 2300

r [Pa · s/m] 5000

Table 2. Parameters of fitted carpet impedance model

4 Derivation of TDBCs
This section describes a method used to derive the TDBC for the two acoustic materials, by approximating the
complex reflection coefficient with discrete sums of IIR filters. The approximation covers the range from 20 Hz
to 5 kHz.

4.1 TDBC models
To be physically admissible, the frequency-domain representation of the acoustic reflection coefficient must
fulfill the conditions of causality, reality and passivity, as described in (6). To obtain such a representation, it is
chosen to approximate the spectra of the reflection coefficients (R) with a finite sum of rational functions with
single poles, either real valued (λk) or pairs of complex conjugates (αl± iβl , with αl and βl being the the real
parts and imaginary parts respectively). This frequency domain approximation of R is written as:

Rapprox(ω) =
S

∑
k=1

Ak

λk + jω
+

T

∑
l=1

1
2

(
Bl + jCl

αl + jβl + jω
+

Bl− jCl

αl− jβl + jω

)
, (3)
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This form fulfills the reality condition (Rapprox(−ω) = Rapprox(ω)), and with a proper choice of coefficients, the
passivity condition (|Rapprox(ω)| ≤ 1). The causality conditon is met when the poles must have a positive real
part, which imposes that λk ≥ 0 and αl ≥ 0. The time-domain form of the approximated reflection coefficient,
rT DBC, to be used as TDBC, can then be analytically computed from the previously obtained coefficient as:

rT DBC(t) =
S

∑
k=1

Ake−λktH(t)+
T

∑
l=1

e−αl t [Bl cos(βlt)+Cl sin(βlt)]H(t), (4)

where H(t) is the Heaviside step function. This approach to derive TDBC functions for the reflection coefficient
was taken from (6), where this method was developed and applied on impedance functions.

4.2 Optimization in the frequency domain
In order to approximate the physical models of reflection coefficients with the appropriate mathematical forms
described above, a least-squares minimization in the frequency domain was performed in Matlab. The function
to minimize g was chosen to be the norm of the difference between the physical model and the approximation.

g(x) = ||Rapprox(ω,x)−Rmodel(ω)||. (5)

For this procedure, the reflection coefficients are compared in the frequency range 20 Hz–5 kHz with a fre-
quency resolution of 1 Hz. The TDBC function of the porous panel was chosen to be a sum of real-poles
functions only (T = 0), and that of the carpet’s a sum of complex-poles functions only (S = 0). The reason for
this is that the absorption mechanism of the porous panel is mostly dissipative and the absorption mechanism of
the carpet mostly resonant in the frequency range of interest. The minimization of f yields a set of coefficient
xmin that allows to construct an approximation of the physical model over the considered frequency range.

4.3 Optimization constraints and parameters
The absolute value of the time-related coefficients of the TDBC functions (in this case: λk, αl and βl , which
are factors of the time variable in equation 3 and 4) should not be too large compared to 1/∆t (where ∆t is the
time step of the simulation, estimated to 1e-6s) in order to minimize errors. Similarly to what is done in (7), a
maximum value λmax is thus set. This parameter is set relatively to the time resolution intended ∆t by using a
chosen threshold

L = λmax∆t = 5. (6)

The optimization constraints applied to the set of coefficients are finally expressed by the following equations:

∀k, 0 < λk∆t ≤ L

∀l, 0 < αl∆t ≤ L

∀l, |βl |∆t ≤ L
(7)

The number of terms in the sum S (for the panel) and T (for the carpet) is kept as small as possible by
performing several tryouts with increasing values, until no improvement of the error is observed. The starting
coefficients of the optimizations were chosen randomly in [0 λmax] intervals for a set of ten runs, and the
result that was minimizing the fitting error was then selected.

4.4 Results
The coefficients and poles of the approximated reflections coefficients for the porous panel and the carpet are
displayed in Tables 3 and 4 respectively. The numbers of terms in the resulting IIR sums were S = 7 and T = 8
for the panel and the carpet respectively.
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k 1 2 3 4 5 6 7
Ak -3.3e4 -1.8e4 1.2e4 1.2e4 1.2e4 1.2e4 1.2e4
λk 6.9e3 2.7e3 1.2e4 4.6e3 1.2e4 4.6e3 2.4e3

Table 3. Coefficients of the porous panel’s TDBC function.

l 1 2 3 4 5 6 7 8
Bl -2.5e4 -5.8e4 3.3e4 1.3e4 5.3e5 -1.7e4 -7.2e3 3.1e3
Cl -1.9e3 -1.4e4 3.7e4 6.3e3 3.2e4 7.8e3 -1.8e4 4.1e4
αl 2.8e3 5.2e3 1.2e4 2.5e3 9.8e3 1.2e4 9.2e3 5.9e3
βl -5.1e3 2.6e3 -4.5e3 5.5e3 4.3e3 -3.8e4 -4.5e4 6.3e3

Table 4. Coefficients for the carpet’s TDBC function

As seen in Figure 4 and Table 5, the method used yielded a very close approximation of the reflection coeffi-
cients, with a maximum amplitude error smaller than 0.003 and a phase error smaller than 0.006 rad for both
materials. Visually, curves from the models and the approximations are nearly indiscernible for both materi-
als, cf. Figure 4. It should also be noted that the approximations functions were also fulfilling the passivity
conditions in both case.

Table 5. Maximum fitting error for IIR approximations of R

Panel Carpet
ε(|R|) [-] 0.0020 0.0029

ε(φ(R)) [rad] 0.0044 0.0056
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Figure 4. TDBC approximations of reflection coefficient. (a) panel, (b) carpet.

5 CONCLUSIONS
Physically admissible TDBCs were derived successfully from measurements of a porous panel and a resonant
carpet. Surface impedance measurement were carried out, using two different methods, the Kundt’s tube ap-
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proach and an in situ approach, and the results compared. The results from both approaches were in fairly
good agreement for the porouse panel but not for the carpet. Broadband impedance models were then fitted
to the measurement results to yield physically admissible, full-range impedance data. The full-range reflection
coefficient was subsequently approximated by a sum of IIR filters to provide time-domain boundary conditions.
In the case of the two materials in this study, the fitted impedance models were in fairly good agreement with
the measurement data in the 400 Hz-4000 Hz frequency range, while showing physically admissible data in the
lower frequency range. The approximation of the resulting full-range data as sum of IIR filters was successful,
showing a close agreement between the full-range models and the approximations of the complex reflection
coefficient in the 20 Hz-4000 Hz frequency range.
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ABSTRACT 
In this study, the normal incidence sound absorption coefficients were obtained from three types of wooden 
panels (with different thicknesses of them): Oriented Strand Boards (OSB); Medium Density Fiberboards 
(MDF) and Wood-wool cement boards (WWCB). The panels were manufactured according industrial 
processes, using Brazilian woods and reaching lower levels of CO2 eq emissions in its Life-cycle Assessment 
when compared to the conventional building techniques for vertical sealings in Brazil. The panels are used in 
the furniture market, but the results show that the material can be used in order to improve the sound 
absorption of a room as an acoustic panel, a ceiling or other type of building element.  
 
Keywords: Wooden panels, sound absorption. 

1. INTRODUCTION 
The built environment, which includes buildings and infrastructure, involves large quantities of 

material and energy consumption and is an essential component of the economic and social 
development (17). The construction industry is responsible for considerable natural resources 
diminution and generates a substantial amount of wastes (16). 

The reduction of CO2 emissions in the construction sector is a key element for the achievement of 
energy conservation and emission-reduction goals worldwide (27). 

Life cycle assessment (LCA) is a technique regulated by ISO 14040 (19) and ISO 14044 (20) that 
compiles the inputs and outputs of a product or service quantifying its carbon footprint . The LCA takes 
a comprehensive and systemic approach to environmental evaluation, and because of that, the interest 
in incorporating LCA methods into building construction is increasing, supporting decisions for 
selection of environmentally preferable products, as well as for evalua tion and optimization of 
construction processes (1,7). The life cycle impact assessment (LCIA) is the first step of the LCA 
calculation process and the output of it is the carbon footprint. 

According to Caro (8) “carbon footprint is an easy-to-apply tool for monitoring and 
quantifying greenhouse gas emissions, as well as checking mitigation/reduction programs at different 
scale. It is able to capture the total amount of greenhouse gas emissions directly and indirectly caused 
by a country, an activity or accumulated over the life stages of a product”. Its unity is the CO2 eq 
(carbon dioxide equivalent). 

Huang et al. (17) described that the three main pivotal opportunities to reduce the carbon emissions 
of a construction sector are the use of low embodied carbon material and services at life cycle 
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perspective; the energy efficiency increasing of construction machines and the promotion of the 
renewable energy use. 

In Brazilian typical buildings, Evangelista et al. (13) described the concrete, steel and ceramic tiles 
as the highest environmental impact materials, with repercussions for the structure, masonry and 
coating subsystems. Crippa et al. (9) predicted a carbon footprint about 335 kg CO2eq/m³ (50.3 kg 
CO2eq/0.15m of thickness) for a sealing built with clay brick and plaster undercoat and about 302 kg 
CO2eq/m³ (45.3 kg CO2eq/0.15m of thickness) for a sealing built with concrete block and plaster 
undercoat. These sealing systems are commonly built in Brazilian buildings.  

Estokova et al. (12) related that vertical bearing walls and partition walls represented 28.3% of the 
carbon footprint estimated for twenty conventional masonry houses built in central Europe. It is only 
behind the foundations, which had 57.8% of representative in the carbon footprint.  

This research aims to analyze the sound absorption properties of some wood panels, made from 
Brazilian woods, suggesting their use as building elements in Brazilian construction sector as acoustic 
panels, floors, ceilings or coating subsystems in order to improve the sound absorption of a room.  

Three different types of wooden panels will be tested in order to achieve their sound abso rption 
coefficients: Oriented Strand Boards (OSB), Medium Density Fiberboards (MDF) and Wood Wool 
Cement Boards (WWCB). By nature, wood is made of carbon that is captured from the atmosphere 
during tree growth. The effects of substitution and sequestration are why the carbon impact of wood 
products is favorable (5).  

Their carbon footprint (cradle-to-gate) is shown in Table 01. The presented value per m³ for 
WWCB was calculated considering a thickness of 25mm (4.85 KgCO2eq/0.025m). 

Table 1 – LCIA of different panels 

Type of panel 
Quantity of 

material, m³ 
Kg CO2 eq Source 

OSB  1.00 127.0 (15) 

MDF 1.00 199.0 (24) 

WWCB  1.00 194.0 (30) 
 
Aiming in the acoustical properties, it is well known that the reverberation time (RT) in a room can 

be detrimental to speech intelligibility (21). The RT can be increased or decreased according to the 
building materials absorption properties. From the materials perspective, sound absorbing porous 
materials perform an important role in the room acoustics (11), and the reverberation time can be 
reached by adding or suppressing absorption areas, as the descriptions of the pioneering work of 
Sabine (26), who developed a model based on the statistical theory of sound field – it considers the 
same density of sound energy at any point of a room, with the same probability of incidence at any 
directions. This model could be used in a room with known volume and sound absorption coefficients. 

 Different models were developed through the years, improving the Sabine’s model, as shown in 
the research of Nowoświat et al. (22). The sound absorbing properties of the material is expressed by 
the sound absorption coefficient α as a function of a sound frequency band. The “α” values ranges from 
0 to 1.00 referring to a total reflection situation to total absorption situation (11).  

2. MATERIALS AND METHODS 
The OSB is a multi-layer panel made from strands, with strips of wood with a length greater than 

50mm and a thickness less than 2mm, glued with a synthetic resin. The strands in the outer layers are 
parallel and aligned to the length of the panel. The strands in the center layer of layers can be randomly 
oriented (or aligned) generally perpendicular to the outer layers (14). At most, Brazilian OSB are 
manufactured with pine wood particles obtained from dedicated forests mainly from Pinus elliottii and 
Pinus taeda (loblolly pine) (15). These species are not native and reforestation programs provide them. 
Ferro et al. (15) discussed the environmental aspects of the OSB production through its Life -Cycle 
Assessment. 

According to Piekarski et al. (24), the MDF “is an engineered wood product, made by breaking 
down softwood into wood fibers and combining them with wax and resin to form panels by applying 
high temperature and pressure”. The same research gives its Life-Cycle Assessment according to the 
Brazilian way of production.  The MDF is primarily used as furniture, in joinery industry and in 
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interior architecture design.  
The Brazilian WWCB is also produced from dedicated forests (as the OSB and the MDF). As the 

described by de la Grée GD et al. (10), the WWCB is produced by the following sequence: the stored 
wood logs are cut into in small blocks (about 25cm in length), so that shredded to wood-wool in super 
fine straw (width≤1mm), fine straw (1-3mm in width) or thick straw (width ≥ 3mm). Then, the 
wood-wool is dipped in a solution to accelerate the compatibility at wood -wool-cement paste interface 
and are afterwards pressed do decrease water content. The wet wood wool moisture content with 
cement powder are fed into a continuous mixer. After that, the mixture is transported to a distribution 
machine which spreads the mixture in layers into the molds which will be pressured by a hydraulic 
press. After the setting of cement, the boards are taken from the molds for further curing, and a process 
of storage starts. Finally, the plates can be painted, stacked and placked. An example of the LCA for a 
WWCB is described in Thinkstep et al. (30). 

It was tested different thickness of the panels, as shown in Table 02. 100 samples were measure 
which means that 10 samples were set for each type of panels.   

 
Table 2 – List of samples 

Type of panel Thickness, mm 

Density 

approximately, 

g/cm3 

Number of 

samples 

How is 

referenced 

Indicated 

letter in 

Figure 1 

MDF 9.00 0.55 10 MDF – 9mm c 

MDF 12.00 0.55 10 MDF – 12mm b 

MDF 15.00 0.55 10 MDF – 15mm a 

OSB 8.00 0,52 10 OSB – 8mm f 

OSB 12.00 0,52 10 OSB – 12mm e 

OSB 25.00 0,52 10 OSB – 25mm d 

WWCB with 

thick straws 
17.00 0.40 10 

WWCB – TKS 

17mm 
j 

WWCB with 

thick straws 
25.00 0.40 10 

WWCB – TKS 

25mm 
i 

WWCB with 

thick straws 
50.00 0.40 10 

WWCB – TKS 

50mm 
g 

WWCB with 

super fine 

straws 

25.00 0.46 10 
WWCB – SFS 

25mm 
h 

 
 
The Figure 1 shows the different types of panels tested in this research. 
 

 
Figure 1 – Samples 

An impedance tube (manufactured by SCS ControlSys, model 9020 B/K, with 98±2mm diameter) 
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was used and the measurements were performed with the Transfer Function Method (28), providing 
the normal incidence sound absorption coefficient (αN). A noise generator – Brüel & Kjær Type 
3160-A-042 (6 channels) – and two array microphones with preamplifiers - Brüel & Kjær Type 4935 – 
controlled by a PULSETM completed the instrument set for measurements. The guidelines of ASTM 
C384-04 (4) and ISO 10534–2 (18) were applied. 

After the measurements (10 samples per type of panel), a confidence interval (95% confidence 
level) was established with a t-distribution for each frequency between 100Hz and 2000Hz. A new 
average was calculated with the values into the confidence interval,  

All the graphs and calculations were performed in the “R” software (25).  
The Noise Reduction Coefficient was calculated according ASTM C423-17 (5), defined as “Round 

the average of the sound absorption coefficients for 250, 500, 1000, and 2000 Hz to the nearest 
multiple of 0.05”. 

3. RESULTS AND DISCUSSIONS 
The Figures 2 to 6 present de normal incidence sound absorption coefficient for each type of panel . 

The plotted curves consider the new averages after the confidences intervals treatments. 
 

 
Figure 2 – αN for OSB – 8mm and OSB – 12mm 

 

 
Figure 3 – αN for OSB – 25mm and MDF – 9mm 
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Figure 4 – αN for MDF – 12mm and MDF – 15mm  

Figure 5 – αN for WWCB – TKS 17mm and WWCB – TKS 25mm 

Figure 6 – αN for WWCB – SFS 25mm and WWCB – TKS 50mm  
Figures 7,8 and 9 show the sound absorption coefficients for different thicknesses of the OSB, MDF 
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and WWCB, respectively. 

Figure 7– αN for different thicknesses of OSB  

 
Figure 8– αN for different thicknesses of MDF 

Figure 9– αN for different thicknesses of WWCB 
Table 03 shows the NRC of the panels. 

2964



 

 

Table 3 – NRC of the panels 

Type  
MDF  

9mm 

MDF 

12mm 

MDF 

15mm 

OSB  

8mm 

OSB 

12mm 

OSB  

25mm 

WWCB 

TKS 

17mm 

WWCB 

TKS 

25mm 

WWCB 

TKS 

50mm 

WWCB 

SFS 

25mm 

NRC 0.10 0.10 0.10 0.10 0.10 0.15 0.20 0.25 0.45 0.30 
 
Palomar et al. (23) measured the normal incidence sound absorption coefficient for different 

compositions of lime-cement mortar obtaining the maximum value of 0.113 for a mortar with 1.59 
g/cm³ of density, 96±2mm diameter and 40±2mm thick. If compared to the NRC values in Table 3 it 
could be concluded that the wood panels have better sound absorption coefficients than Brazilian 
commonly coating system. 

The WWCB performed the best values for sound absorption and could be strongly recommended to 
acoustic treatments in order to decrease reverberation times. The WWCP – TKS 50mm has a αN about 
0.80 at 1kHz, which is a considerable value. The WWCB – TKS 25mm got higher coefficients than 
WWCB – SFS 25mm for frequencies above 450Hz, which means that the thick straws provide better 
absorption than the super fine straws. The highest αN for MDF panels at low-frequency range is the 
MDF – 9mm (thinnest one). For the OSB, the highest values are those measured for the thickest one 
(OSB – 25mm). 

Comparing the measured values of WWCB – SFS 25mm with other αN values for a similar material 
(25 mm thick WWCB with 1.0 mm strand width and density of 0.448 g/cm3) from the research of 
Botterman et al. (6) a similarity between the curves can be observed. The same occurs with the MDF – 
9mm compared with the results of a 9mm thick MDF described by Wassilieff (31). For the OSB, 
comparing the measured results with those related by Smardzewski et al. (29) for an OSB with 17.5mm 
thick it could be noted that the plotted curve has the same design, but different values. 

4. CONCLUSION 
The study presented the normal incidence sound absorption coefficients obtained from three types 

of wooden panels (with different thicknesses of them): Oriented Strand Boards (OSB), Medium 
Density Fiberboards (MDF) and Wood-wool cement boards (WWCB). The panels described in this 
research can be used as ceilings, floors or part of internal vertical sealings instead of plaster or 
lime-cement mortar, which are widely used in Brazilian buildings. The OSB and the WWCP can also 
be used as a partition or façade wall in light steel framing or wood framing construction techniques. In 
both situations the levels of carbon footprint of buildings should be decreased because their lower 
level of carbon footprint (described in Table 1) when compared to Brazilian typical construction 
materials. Also, they have higher sound absorption coefficients than the lime-cement mortar, and they 
can be used in order to improve the acoustic conditions of a room. 
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Abstract
A tensioned impervious membrane at the entrance of an air cavity which is backed by a reflecting end provides
high and narrow sound absorption peaks at certain frequencies. In the absence of flexural bending, the sound
absorption is mainly due to the vibration energy dissipation in the membrane. The frequencies at which maxima
of sound absorption occur are dependent on the membrane resonances and the geometry of the cavity. Inclusion
of a porous material inside the air cavity broadens the sound absorption curve at low frequencies making the
absorber more efficient. It has been shown that, due to adsorbing and desorbing physical mechanisms, granulated
activated carbon exhibits unusually very good low-frequency sound absorption properties. This article presents
some experimental and theoretical results of a circular tensioned membrane clamped in a cylindrical cavity that
is closed with a reflecting backing. The effects on the normal-incidence sound absorption coefficient of adding
a porous layer of activated carbon inside the cavity are reported. The use of an activated carbon layer showed
better performance in the low frequency range than traditional fiberglass with the same thickness.

Keywords: Sound absorption, Membrane, Activated carbon

1 INTRODUCTION
Sound absorption can be achieved by different ways. Membrane sound absorbers are typically used to absorb

low-frequency noise. Basically, they consist in a vibrating element such as a flexible panel, plate, or tensioned

membrane which is fastened over its entire perimeter in front of an air cavity that ends in a rigid wall. The

vibrating element is forced by an incident sound wave. The cavity can be either partly or completely filled with

a porous material. The case of a tensioned clamped membrane is simpler than that of a plate [1], since we do

not have to deal with the plate’s bending stiffness and thus the speed of transverse vibration waves does not

depend on frequency. Therefore, the sound energy dissipation of an impervious tensioned membrane will be

mainly dependent of its mechanical damping which is usually given in terms of a loss factor.

The use of vibrating membranes in acoustics has been studied for many years. Ingard [2] reported the results

of absorption and transmission of a circular membrane inside a tube which had sound absorbing material at its

end. The velocity distribution of the system was derived by using equivalent circuits. Other authors [3, 4] have

studied the sound absorption produced by a single membrane placed in front of a rigid wall which resulted in a

mass-spring system. Kiyama et al. [5] presented the results of double-leaf membranes and describe the effects

of a double-mass-spring resonance. The effect of placing sound absorption material inside the air cavity was

investigated by Bosmans et al. [6].

It seems that Song and Bolton [7] were the first to consider the membrane tension on the sound absorption

characteristics of a membrane backed by an air cavity. They developed a theoretical model capable of explaining

the effect of membrane tension and the energy dissipated by the motion of the membrane itself. Later, they

extended their theory to the case of permeable membranes [8] and to other types of membrane-based sound

absorbers [9]. More recently, the sound absorption characteristics of thin microperforated membranes backed

by an air cavity have been investigated by considering the spatially varying acoustic impedance due to the

membrane perforations [10]. They found good agreement between theoretical and experimental results.

On the other hand, inclusion of a porous material inside the air cavity broadens the sound absorption curve
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at low frequencies making the absorber more efficient. Usually porous materials placed inside the cavity have

been either cellular or fibrous, such as foams, fiberglass and rockwool. The use of fine granular material is less

common and may require the use of an impervious membrane. In particular, activated carbon has received much

attention as an absorbing material due to its unusually very good low-frequency sound absorption properties. It

has been shown that these properties are due to adsorbing and desorbing physical mechanisms [11].

A first stage in manufacturing activated carbon is to carbonize a raw material which can be coconut husk

or coal, which is subjected to an inert atmosphere with temperatures between 700 and 1000 ◦C. Later, the

carbonized material is activated with oxidizing gases such as carbon dioxide or water vapor, at temperatures

between 800 and 900 ◦C. The combination of carbonization and activation creates a range of porosities that goes

from nanometric pores to micrometric pores inside the grains. This range of porosities produces an increase in

its surface area and determines the sorption characteristics of this material [11]. Activated carbon has also been

used in filtering and purification applications, among others.

In this article, we present the sound absorption performance of a system composed of a thin tensioned imper-

vious circular membrane backed by an air cavity which is partially filled by activated carbon.

2 THEORY
The sound absorption of a combination of a circular membrane and an air cavity backed by a rigid termination

which is partially filled with a porous material can be determined by using the impedance translation theorem

[12]. For this, the governing equation of a thin tensioned clamped membrane of radius a which is forced by a

periodic force f (r,θ , t) acting uniformly on the membrane is [13]

T ∇2W (r,θ , t)+ f (r,θ , t) = ρs
∂ 2W (r,θ , t)

∂ t2
, (1)

where W (r,θ , t) is the transverse displacement of the membrane and ρs is the membrane’s mass per unit area.

The effect of membrane damping is included by the complex tension T = T0(1+ jη), where T0 is the mem-

brane’s tension (N/m), η is the damping loss factor of the membrane and j =
√−1. The velocity amplitude for

harmonic excitation can be expressed as u = jωW .

Since the membrane is excited by the action of a uniformly distributed pressure (a plane sound wave) only

axisymmetric modes need to be considered. The membrane average surface impedance is determined as the

ratio between the sound pressure and the spatially averaged velocity on the surface of the membrane 〈u〉 which

is given by

〈u〉= 1

S

∫ ∫
S

u(r)dS =
1

πa2

∫ 2π

0

∫ a

0
u(r)rdrdθ =

2π
πa2

∫ a

0
u(r)rdr. (2)

A simplified expression of such membrane spatially averaged surface impedance is [10]

Zm =− jωρ
[

2

kma
J1 (kma)
J0 (kma)

−1

]−1

, (3)

where J0 and J1 are Bessel’s functions, ρ is the air density, and km = ω
√

ρs/T .

The total impedance Z of the absorber shown in Figure 1 is determined by including the effect of the air

cavity and the infill porous material using the impedance translation theorem [12]. An identical methodology is

applied in [1], but here D is the cavity depth and dp is the thickness of the infill porous material. Thus, the

normal-incidence sound absorption coefficient is obtained as α = 1− | R |2, where R is the complex reflection

coefficient obtained from the total surface impedance of the absorber R = (Z −Z0)/(Z +Z0), where Z0 is the

characteristic impedance of the air.

2968



Membrane

(a) (b)

Figure 1. Schematics of the sound absorber. (a) empty; (b) partially filled with a porous material

3 EXPERIMENTAL METHOD
A series of experiments were performed for assesing the sound absorption properties of the absorber. A rigid

vertical impedance tube of inner diameter 100 mm was adapted to implement a circular membrane absorber

at one end and a loudspeaker at the opposite end (see Figure 2). The standardized two-microphone technique

described in ISO 10534:2001 Part 2 was used to measure the normal-incidence sound absorption coefficient of

the absorber. The loudspeaker was driven with white noise signal that varied from 0 to 2 kHz. The signals

were generated and processed by a two-channel real-time fast Fourier transform analyzer, which was connected

to a computer for data analysis.

Figure 2. Experimental setup for measuring the normal-incidence sound absorption coefficient of the membrane

absorber

Because of the random characteristics of the noise signal, a total of 200 averages were taken for each measure-

ment. The transfer functions were measured between the signals of two 1/4-inch microphones at increments of

1 Hz. In light of the diameter of the standing wave tube and the center-to-center spacing between two micro-

2969



phones (100 mm), the measurements according to the ISO standard were assumed valid in the frequency range

200 to 1500 Hz. Care was taken to ensure a good sealing of all the elements of the experimental setup.

The absorber was made of milled stainless steel cylinders that perfectly fitted the impedance tube inner diameter.

Two kinds of porous materials were used in the experiments: 1) a fiberglass sample of thickness 20 mm and

flow resistivity of 12848.2 Ns/m4 and 2) granular activated carbon kindly supplied by Salford Research and

Development, UK. The activated carbon was compacted inside the air cavity. The elastic membranes were

made of silicone with a thickness of 0.623 mm, constant η = 0.005, surface densities between 0.237 and 0.265

kg/m2, and subjected to different tension values. The acoustic characteristics of both the fiberglass and the

activated carbon were measured independently in the impedance tube before being used as infill materials in

the absorber.

4 RESULTS AND DISCUSSION
Figure 3 shows the results for two absorbers without absorbing material in the air cavity. It can be observed

that this kind of absorber exhibits narrow maxima of sound absorption coefficient. It is noted that the frequency

of these maxima are close to the natural frequencies of the membrane and located at frequencies at which

the surface reactance becomes zero. We observe that there are a good correlation between the theoretical and

experimental results. In addition, these findings agree well with those reported in the literature [7].
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Figure 3. Sound absorption coefficient for a membrane absorber without porous material in its cavity. (a)

D = 100 mm, T = 76.53 N/m2, ρs = 0.265 kg/m2; (b) D = 40 mm, T = 81.04 N/m2, ρs = 0.237 kg/m2

In Figure 4 we can observe the effect of introducing a 20 mm thick porous material in the cavity. Figure 4a

shows the effect of fiberglass in the cavity where the sound absorption values are increased for frequencies

below 600 Hz. The measured sound absorption coefficient (blue line) has a first maximum around 250 Hz,

which increases its sound absorption value by about 0.1. In addition, a second broad maximum in sound

absorption appears, which is not present in the empty absorber (gray line). The correlation between these

measured values (blue line) and those calculated (red line) below 300 Hz is less accurate compared to what is

observed in Figure 3, where the theoretical values overestimate the measured ones. Above 300 Hz there is little

difference between the measured and estimated results.

Figure 4b shows the corresponding results using activated carbon in the cavity. We see that, for this case, there

is a better agreement between theoretical and measured values, observing three maxima of sound absorption that

increase the bandwidth in comparison to the empty absorber. By comparing Figures 4a and 4b, it is verified

that the sample of activated carbon exhibits better sound absorption than the fiberglass sample, increasing the

value of the sound absorption coefficient for the first two maxima by 0.4 approximately. It is noted that over

600 Hz, the sound absorption behaves quite similar independently of the type of porous material in the cavity.
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Figure 4. Sound absorption coefficient for a membrane absorber (D = 100 mm, T = 76.53 N/m2, ρs = 0.265

kg/m2) partially filled with a porous material of thickness dp = 20 mm in its cavity. (a) fiberglass (FG); (b)

activated carbon (AC)

The effect of filling the cavity with porous material on the sound absorption coefficient and on the total surface

impedance is observed in more detail in Figure 5. Figure 5b shows the experimental results of the real and

imaginary part of the total surface impedance of the absorber as a function of frequency. It can be seen how

the total surface resistance increases by the presence of both materials, which is much higher for the activated

carbon than for the fiberglass of the same thickness.

200 400 600 800 1000 1200 1600
Frequency, Hz

0

0.2

0.4

0.6

0.8

1

So
un

d 
ab

so
rp

tio
n 

co
ef

fic
ie

nt (a)

empty
FG 20 mm
AC 20 mm

200 300 400 500 600 700 800 900 1000
Frequency, Hz

-3000

-2000

-1000

0

1000

2000

3000

Su
rfa

ce
 im

pe
da

nc
e,

 N
s/

m
4 (b)

Re(Zs) empty
Im(Zs) empty
Re(Zs) FG 20 mm
Im(Zs) FG 20 mm
Re(Zs) AC 20 mm
Im(Zs) AC 20 mm

Figure 5. Experimental results for a membrane absorber (D = 40 mm, T = 81.04 N/m2, ρs = 0.237 kg/m2)

partially filled with either fiberglass (FG) or activated carbon (AC) of thickness dp = 20 mm in its cavity. (a)

sound absorption coefficient; (b) real and imaginary parts of its surface impedance

Figure 6 shows the results of the sound absorption coefficient for another absorber (D= 40 mm, T = 55.2 N/m2,

ρs = 0.265 kg/m2) with dp = 20 mm of porous material within the air cavity, i.e., fiberglass (Figure 6a) and

activated carbon (Figure 6b). It is observed that the sound absorption maxima are broadened between 300 and

800 Hz for both materials. It is also observed that a 20 mm thick activated carbon provided better improvement

of the sound absorption than fiberglass. By comparing the sound absorption measured values for the absorber

reported in Figure 4 with that of Figure 6, it can be noticed that the same samples of porous material (20 mm

of fiberglass and activated carbon) increase differently the total sound absorption. For the absorber in Figure 6

the porous material fills 50% of the air cavity and the sound absorption becomes more effective, reaching about

100% sound absorption with 20 mm of activated carbon. In the case of the absorber in Figure 4, these porous

materials only filled 20% of the cavity, reaching a maximum of about 80% in sound absorption with the same
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sample of activated carbon. When comparing the results of Figures 4 and 6, it can be said that the agreement

between the measurements and predictions of sound absorption of the absorber with porous material within its

air cavity is satisfactory. A common observation is that for both absorbers, the frequency range for which an

increase in sound absorption is achieved is limited, and outside this range of frequencies the sound absorption

maxima remain with a narrow bandwidth.
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Figure 6. Sound absorption coefficient for a membrane absorber (D = 40 mm, T = 55.2 N/m2, ρs = 0.265

kg/m2) partially filled with a porous material of thickness dp = 20 mm in its cavity. (a) fiberglass (FG); (b)

activated carbon (AC)

It is interesting to note that, although the 20 mm thick fiberglass and the 20 mm thick activated carbon do

not exhibit a large sound absorption coefficient at very low frequencies, both increase the sound absorption

performance of the membrane absorber at frequencies below 1000 Hz. A similar result was reported by Venegas

[11] for two Helmholtz resonators filled with activated carbon. In this case, an increase of approximately

three times the maximum in sound absorption was observed. The device did not improve the sound absorption

properties at high frequencies. Using a microperforated membrane with 1% of perforation rate also did not

report improvement when compared with the empty resonator. These observations also agree with the findings

reported in this article.

5 CONCLUSIONS
In this article an absorber made of a tensioned impervious membrane at the entrance of an air cavity which

is backed by a reflecting end has been presented. It was observed that this absorber provides high and narrow

sound absorption peaks at certain frequencies that are related to the natural frequencies of the membrane. These

sound absorption values are mainly due to the vibration energy dissipation in the membrane. Inclusion of a

porous material inside the air cavity increases and broadens the sound absorption curve at low frequencies

making the absorber more efficient. It was observed that the use of activated carbon as an infill porous material

reported better performance in the low frequency range than traditional fiberglass of the same thickness. It

was also observed that the improvement in sound absorption is also related to the amount of volume of the

air cavity that is filled by the material. Although quite simple, theoretical estimations of the sound absorption

coefficient by using the average surface membrane impedance and the impedance translation theorem, show

good agreement with the experimental results.
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ABSTRACT 
Retrofitting of historical monuments in terms of their improvement in energy performance and overall 
sustainability is one of the frequently discussed questions in building sector and architecture. However, the 
renovation of monuments is highly interdisciplinary task and therefore, the global assessment of proposed 
solutions is needed.  
In this article we discuss the impact of additional thermal insulation in historical buildings while keeping the 
reversibility of the action, on its sound insulation performance. Typical cases of energetic retrofit in Slovakia 
are shown and sound transmission index R (dB) is predicted in Norflag software 4.0 that uses transfer matrix 
method as calculation algorithm. The solutions are discussed in term of its thermo – acoustic performance. 
 
Keywords: Architectural heritage, Thermal and Sound Insulation, Building acoustics 
 

1. INTRODUCTION 
During the last decades many research projects and initiatives have been undertaken, that deal with 

the energy efficiency and various comfort issues in historic buildings (1). Most of the previously 
performed research has been focused on moisture and humidity transfer in constructions of buildings, 
insulated from inside, typical in cases where the insulation from exterior side is not acceptable because 
of art-historical decoration or authenticity of the façade. Preservation of architectural heritage also 
doesn’t always allow for invasive ways of building envelope restoration. The methodology for 
improvement of energy efficiency and sustainability of historic buildings is therefore mostly based on 
solutions with reversible technologies (4). 

The impact of different proposed renovation solutions has been already sufficiently investigated in 
terms of thermal comfort, however only little attention has been given to their consequences on other 
aspects, such as sound insulation. This paper is a part of systematic investigation of thermal and 
acoustic insulation in historic buildings where energy efficiency and thermos-acoustic comfort (5) 
should be put in balance, while preserving their architectural authenticity. 

The presented study is based on a simple experiment in which 3 types of historical walls (stone 
masonry of 600 mm, brick masonry of 450 and 300 mm thick) are thermally insulated. For each type 
of wall, 3 solutions of thermal retrofit are considered in a way to have the same U-value of ca 0.21 
W/(m2.K). The differences in acoustic performance as calculated in Norflag software are shown and 
discussed. 

2. DESCRIPTION OF THE CASE STUDY 
 
The study is structured in the following parts: (i) choice of historic masonry constructions, (ii) 

selection of the thermal insulation variants, (iii) assessment of the acoustic benefits related to the 
insulation variants.  
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2.1 Definition of types of historic masonry walls 
Study has been applied on selected representatives of masonries of traditional historic buildings 

from Central Europe area. Based on the literature review and other available materials, two basic 
groups of envelope structures were defined, presenting the basic principles of architectural culture of 
the past centuries and forming the structures of dominant group of preserved architectural heritage: 
masonries based on stone and brick elements. 

The difficulty of the process to select suitable representatives was to define appropriate dimensions, 
especially of stone masonry type, as unification was not used in historical construction and many 
different factors influenced the design of this structures. 600 mm thick sandstone wall was chosen to 
represent the stone masonries of historic buildings, the most common variant in terms of materiality 
of investigated territory. Although the chosen thickness does not represent an average value, it is the 
most appropriate representative for stone masonry in terms of application the thermal insulation. Brick 
fragment is made up of solid silicate bricks at a total thickness of 450 mm, which can be said to be 
the most common brick wall variant in Central Europe. The last group can be considered as an 
academic example of brick masonry with 300 mm thickness and was chosen for sake of comparison 
with cases where the initial sound reduction index is initially low. 

 

  
Figure 1 – Typical Slovakian gothic burgher house with 600 mm thick stone (sandstone) wall (left picture) 
and typical town house from turn of the 19th and 20th century with 450 mm thick brick wall (right picture) 

2.2 Selection of Thermal Insulation Variants 
The external envelope is the most exposed part of building and therefore must fulfill certain 

acoustic and thermal requirements. In case of historical heritage, monuments or in cases in which 
buildings have a cultural value, façade is sensitively perceived and thoroughly protected. These facts 
often result in discussions in terms of building renewal. The presented results aim at the impact of the 
additional thermal insulation of the building façade, which can be applied in three different ways, 
exterior insulation and two types of thermal insulation placed from building interior. 

Most effective strategy in renovation of existing buildings related to the energy consumption and 
the improvement of indoor environment is the use of exterior thermal insulation of the façades. 
However, this solution is not always applicable to objects with historical and architectural value, as 
well as objects protected by monument rule, as they meet the requirements for preserving the original 
appearance of the façade. An alternative and nowadays very popular way of increasing the thermal 
protection of buildings envelope is the interior application method of thermal insulation, which is 
often the only possible solution. 

For the study, the following cases were chosen (Figure 2): Three types of of the abovementioned 
masonry types 600 mm stone, 450 mm brick and 300 mm brick) were chosen and for each, 3 different 
systems of facade insulation were applied. The thermal protection aspects are in all cases set to meet 
the current requirements of energy performance of renovated buildings. From the material point of 
view, it is the use of mineral wool in different thickness depending on (i) material base of masonry, 
(ii) position and (iii) technology of application of insulation material. In the example of the external 
thermal insulation the extruded polystyrene (EPS) with very thin layer of plaster was used. 

The selection of the insulation variants aims at comparing the acoustic benefits of different systems. 
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Original stone wall 
~ 600 mm 

ETICS (140 mm EPS + 
3mm plaster) 

Int. insulation #1/ties 
120 mm mineral wool + 
1 gypsum board 

Int. insulation #1/studs 
120 mm mineral wool + 
1 gypsum board 

Figure 2 – Simulated stone wall fragments – thermal insulation variants 

 

 
Original brick wall 
450mm (resp. 
300mm) 

ETICS (140 mm EPS + 
3mm plaster) 

Int. insulation #1/ties 
120 mm mineral wool + 
1 gypsum board 

Int. insulation #1/studs 
120 mm mineral wool + 
1 gypsum board 

Figure 3 – Simulated brick wall fragments – thermal insulation variants CALCULATIONS 

 

2.3 Description of the calculation algorithm 
Simulations were performed in the acoustic software Norflag 4.0. Norflag, known also as WinFlag 

software) is made to calculate the theoretical sound reduction index R (dB) for constructions that can 
be combined by different types of layers of different materials (11). Simulation algorithm allows for 
calculation of mean values in one-third-octave bands using the transfer matrix method. Calculations 
can be performed for chosen angle of incidence or for diffuse sound field. 

In the calculation, each layer is assumed to be an infinite plate and is presented by a matrix which 
is combined with other matrix layers. The two types of plates can be chosen for the prediction of 
sound insulation of wall: thin plates and thick plates. Thin plates are chosen in cases in which the 
wavelength of a bending wave is large than 6x thickness of the given plate. In this case 2x2 matrix is 
used since there is no question about the wave motion inside the plate. Porous layers are simulated in 
the same way, by 2x2 matrixes. In cases, where the two layers are glued together, thick plate 
description comes into consideration as one layer should be then describing both of the layers as thick 
plates. Calculations using the thick plate method are applicable for wall constructions of sandwich 
elements which are glued together and are then described by a 4x4 matrix.  

For sake of comparisons in the article, the sound reduction index R (dB) and the weighted sound 
reduction index Rw (C, Ctr) in dB was calculated. Sound transmission simulations were performed in 
third octave bands in diffuse field (i.e. with integration angles from 0 to 90 degree), and transmission 
window of 10 m2.  
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3. RESULTS AND ANALYSIS 
Results of simulated sound transmission are summarized in graphical way, by means of the 

following figure (Fig.4) and Table 1. The results show the sound reduction index for all cases, grouped 
in three graphs. In all cases a significant improvement can be seen when insulation is applied from 
inside. When only little contact is used to connect the plaster board, the Rw increases with 10-11 dB, 
in cases with studs are used sound insulation increases with around 8 dB. In both cases of mass spring 
mass systems we can see the coincidence dip of the masonry wall at low frequencies (and a dip at 
around 2500 Hz, cased by gypsum board of 12 mm. 100 Hz for brick wall of 450 mm and similar to 
stone wall, since these has less density and lower Young modulus (brick wall 600 mm thick would 
have coincidence frequency around 75 Hz). The brick wall of 300 mm has coincidence at 150 Hz. 

 

 
Figure 4 – Simulated variants. Left – variants for brick wall 300 mm, Middle figure – variants for brick 

wall 450 mm, Right picture – variants of 600 mm stone masonry wall. (black thick line shows the Sound 
transmission index R (dB) of the original wall without thermal insulation (TI). The green dashed line 

expresses the internal TI fixed by ties, red dashed line when fixed by studs. Blue line is the situation with 
layer of EPS applied on the facades from outside. 

 
The three cases with polystyrene (EPS) applied on a façade from the building exterior show similar 

behaviour. The EPS was simulated as connected with ties to the masonry wall, presuming a gap of 
0.5-1mm between the wall and EPS boards caused by irregularities of the historical wall. The visible 
dip around 2000 Hz can be seen in simulations of all wall thicknesses. 
 

Table 1– Results of weighed sound reduction index Rw (C, Ctr)  

Weighed sound reduction 

index Rw (C, Ctr) in dB 
No insulation EPS 

Int. Insul. #1 

ties 

Int. Insul. #2 

studs 

Stone masonry (600 mm) 63 (-2,-8) 62 (-2;-8) 74 (-3;-9) 70 (-2;-9) 

Brick masonry (450 mm) 61 (-2,-8) 61 (-2,-8) 72 (-2;-9) 69 (-3;-9) 

Brick masonry (300 mm) 56 (-2,-6) 56 (-2,-6) 68 (-3;-7)  64 (-2;-7) 

Heat transfer coefficient 

U [W/(m2.K)] 
1,20 0,21 0,22 0,22 
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4. CONCLUSIONS 
When restoring the architecturally valuable façade, increased attention should be paid to the degree 

of intervention to the origin and the resulting impact on the authenticity of the object, whether in 
terms of material authenticity (physical matter of object) or the authenticity of the whole work 
(cultural-historical essence of the monument). Here, the placement of thermal insulation from inside 
has in the winter period many disadvantages when looking purely to humidity and moisture transfer. 

This is however true only in winter time and renovation of historical monument must be always 
considered in given climate.   
From the point of view of acoustics, the simulations have yield the acoustic benefits of the thermal 
insulation variants in which the insulation was placed from inside the building. This paper have shown 
only simulations of typical wall fragments. In reality, the sound insulation of building façade is much 
more complicated issue and must be therefore considered as a whole, including windows and doors. 
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material : Influence of lateral constraints of casing 

Takumasa TSURUHA1; Yoshinari YAMADA1; Makoto OTANI2; Yasushi TAKANO2 
1 Takenaka R&D Institute, Japan 

2 Kyoto University, Japan 

ABSTRACT 
The sound absorption characteristics of flowable granular materials may vary owing to lateral constraints. In 
order to clarify the effect of lateral constraints on the sound absorption characteristics of granular materials, 
the normal incidence sound absorption coefficients of hollow glass beads filled in cylindrical containers of 
different diameters were measured. The measurement results demonstrated that the sound absorption 
coefficients varied depending on the diameters of the containers. As the diameter increased while the 
thickness of the granular material was constant, the first peak frequency of the sound absorption coefficient 
shifted towards a lower frequency. The amount of shift due to diameter expansion increased with larger 
thickness of the granular material. These results suggest that the sound absorption characteristics of granular 
materials can be controlled by adjusting the distance between the constraining walls without changing the 
thickness of the granular materials. 
 
Keywords: Absorption, Granules, Constraint 

1. INTRODUCTION 
It is well-known that granular materials have sound absorption characteristics [1-4]. Glass beads and 
vermiculite, whose particle sizes are of the millimeter order, absorb sound energy at high frequencies 
in a manner similar to fibrous porous materials such as glass wool [1,2]. On the other hand, silica 
powder and fine polymer particles, whose particle sizes are of the micrometer order, show different 
sound absorption characteristics having a sharp peak at low frequencies [3,4]. For granular materials 
that possess sound absorption characteristics having a sharp peak at low frequencies, it is thought that 
vibrations of the particles contribute to sound absorption at the first peak frequencies of normal 
incidence sound absorption coefficient because these first peaks correspond to the first modal 
frequencies of the vibrating particles [3]. 

When granular materials are used for sound absorption, it is necessary to take measures to retain 
their shapes as a mass because of flowability. One such measure to retain the shape is to constrain the 
materials by walls. The sound absorption characteristics of constrained granular materials may be 
variable because the vibrations of the particles are suppressed by the walls. A formula has been 
proposed in literature to predict the first peak frequency of normal incidence sound absorption 
coefficient for a granular material filled in a container, using the apparent dynamic longitudinal elastic 
modulus and effective mass [5]. According to the formula [5], the first peak frequency depends on a 
diameter of cylindrical container. However, experimental verification of the effect of the diameter on 
the sound absorption coefficient is insufficient. Therefore, this study aims to experimentally clarify 
the effect of lateral constraints on sound absorption characteristics of granular materials. 
Measurements of normal incidence sound absorption coefficients are performed with a granular 
material filled in cylindrical containers of different diameters. 
 

2. THEORETICAL DERIVATION OF FIRST PEAK FREQUENCY 
This study assumes that the first peak frequency of the normal incidence sound absorption coefficient 
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corresponds to the first modal frequency of vibration of granular materials. The first modal frequency 
of vibration is expressed as [6]

   (1) 

The first peak frequency of the normal incidence sound absorption coefficient is also given by Eq.(1).
Here, k is the apparent dynamic longitudinal elastic modulus, and Meff is the effective mass of granular 
materials.

The apparent dynamic longitudinal modulus of granular materials filled in a container is described 
as [6] 

   (2) 

where ρ is the bulk density; g is the gravitational acceleration; P0 is the external force applied to the 
material surface; h is the thickness of granular materials; S is the area of the surface on which sound 
is incident; E0 is the constant inherent to the material. In this case, P0 is the effective sound pressure 
on the surface. β is called the Janssen coefficient, which is given by  

   (3) 

when the shape of the container is cylindrical [7]. Here, K is the ratio of horizontal force to vertical 
force in the direction of sound propagation. In this case, the vertical force corresponds to the sound 
pressure in a granular material in the direction of sound propagation, and the horizontal force 
corresponds to the force acting on the walls of a container. μw is the friction coefficient between the 
container wall and the granular material; d is the inner diameter of the cylindrical container. If the 
external force applied to material surface in the sound propagation direction is small enough to 
establish that , Eq.(2) is simplified to  

   (4) 

The effective mass of the granular material filled in a container is given as [5] 

   (5) 

The first peak frequency of normal incidence sound absorption coefficient is determined from 
Eq.(1) by substituting Eqs.(4) and (5). 
 

3. MEASUREMENT OF SOUND ABSORPTION COEFFICIENT 

3.1 Granular Material 
Hollow glass beads were used as the granular material in the measurements. Table 1 shows the 

basic properties of the hollow glass beads. These beads were filled in cylindrical containers made 
of polylactic acid resin, and no additional force was applied as the material was constrained by the 
container walls. The surface of the material in the container was leveled smoothly by light tapping 
after pouring. Figure 1 shows the material used in the measurements. 

Table 1 Basic properties of the specimen. 

Granular material Hollow glass beads
Mean Particle Diameter (μm) 60
Bulk Density (kg/m3) 120
True Density (kg/m3) 200
Porosity 0.4
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3.2 Measurement Set-up 
The sound absorption coefficients of the hollow glass beads were measured by the transfer function 
method using acoustic tubes [8]. Figure 2 illustrates the measurement set-up. The measurements were 
conducted using two types of cylindrical steel acoustic tubes with inner diameters of 100 and 200 
mm, respectively. The acoustic tubes were positioned such that the axial direction was perpendicular 
to the ground, and the specimens were installed at the bottom. A maximum length sequence pseudo-
random noise was used as a sound source. The frame of the container was attached to the wall of the 
acoustic tube, and the contact gap between the container and the tube was sealed by petrolatum. The 
back of the container was attached to a hard steel plate, which can be regarded as rigid. The sound 
absorption coefficient with an empty container was approximately 0.01 in the frequency range from 
40 to 2k Hz. It was confirmed that the effect of the container itself and the contact gap of the sound 
absorption coefficients were small. The sound absorption coefficients were measured for material 
thicknesses of 40, 80, 160, and 320 mm.

 

    
 

Figure 1 Hollow glass beads used in the     Figure 2 Measurement set-up of normal incidence 
measurements.                         sound absorption coefficient.  

 

4. RESULTS 
The experimental results of the sound absorption coefficients of the hollow glass beads are shown in 
Fig. 3. Furthermore, Fig. 4 shows the experimental results of the first peak frequency of the sound 
absorption coefficients based on the material thickness. Figure 3 depicts that the values of the sound 
absorption coefficients at first peak frequency are almost similar regardless of the diameter of 
container. Figure 4 shows that the first peak frequency shifted towards lower frequency with larger 
diameter under a constant material thickness. The larger the thickness, the larger the change in the 
first peak frequency due to the diameter variation. 

The first peak frequency is theoretically derived as described in Section 2. The derivations require 
constants E0 K μw as the physical properties of the material. However, it is difficult to measure 
them directly. Therefore, they were estimated by curve-fitting the calculated results to experimental 
results by the least-squares method for the case of 100 mm diameter. As a result, they were estimated 
as E0 1.43 105 and Kμw 0.29. Using the estimated values for E0 and Kμw, the first peak frequency 
of the hollow glass beads filled in the container of diameter of 200 mm are obtained. Figure 4 shows 
the theoretical values of the first peak frequency for two different diameters. In case of 200 mm 
diameter, the theoretical values of the first peak frequency using the estimated E0 and Kμw for the case 
of 100 mm diameter show good agreement with the experimental results, which validated the theory 
described in section 2. Furthermore, theoretical values shown in Fig. 4 suggested that the first peak 
frequency of the hollow glass beads filled in the container may converge to a specific value as the 
material thickness increases.  

Additionally, the first peak frequency in case of an infinite diameter is shown in Fig. 4 to exclude 
the effect of the wall constraints. The first peak frequency in this case can be regarded as a specific 
value inherent to the material, and it is predicted to decrease in proportion to the thickness in this case. 
The first peak frequency in case of an infinite diameter is lower than the ones in case of a finite 
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diameter.  

 
 

Figure 3 Normal incidence sound absorption coefficients of hollow glass beads using acoustic 
tubes with different diameters. 

 
Figure 4 First peak frequency of normal incidence sound absorption coefficients of hollow 

glass beads for various thickness. 
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5. CONCLUSION 
By measuring the normal incidence sound absorption coefficients of the hollow glass beads filled in 
containers of different diameters, the effect of constraints by the walls on the sound absorption 
coefficient of granular material was verified. The results reveal that, for the hollow glass beads, the 
first peak frequency varies depending on the distance between the constraining walls; the variations 
of coefficients due to the variation of the distance are larger as the material thickness increases. These 
results suggest that the sound absorption characteristics of granular materials can be controlled by 
adjusting the distance between the constraining walls without changing the material thickness. The 
lower limit of the first peak frequency can be determined from the physical properties of the material 
according to the material thickness. 
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ABSTRACT 
A one-dimensional Cellular Automata (CA) model for acoustic wave’s propagation and absorption in 
impedance tube with and without porous metals is studied to explore acoustic absorbing properties of porous 
metal in multiple physical fields. In cellular space, wave motion equation for small amplitude travelling 
waves at room temperatures and normal sound pressure levels is reconstructed by using finite differential 
method; accordingly, local evolutionary rules of each cell are deduced out. Provided that a specific sound 
source is definitely given, the sound pressure distribution inside impedance tube can be obtained by solving 
this CA model. Based on above CA theory and classical acoustic models of porous materials, the 
evolutionary rules of cell for the case that porous material is placed at the end of impedance tube are 
formulated. And sound absorption coefficient of porous materials may be calculated as well. Finally, the 
effects of temperature and sound pressure level on nonlinear propagation properties of acoustic travelling 
waves with finite amplitude are analysed by rewriting Westervelt wave motion equation in the form of finite 
differential. In this way, one may predict sound absorption of porous material at different temperatures and 
sound pressure levels. The results from CA model agree well with experimental data. 
 
Keywords: Cellular Automata, Sound Pressure Distribution, MATLAB 

1. INTRODUCTION 
Porous metal materials are widely used in extreme environments such as high temperature, high 

pressure, and strong air flow. The interior of the material is composed of metal skeleton and many 
voids, which can effectively absorb sound energy and reduce noise. Porous metal materials have a 
series of excellent properties such as high specific strength, high specific stiffness and good corrosion 
resistance. Therefore, porous metal materials can be used a sound absorbing material in aircraft engine 
cabin (1). Noise is essentially a mechanical wave, and as it propagates in high temperature or 
imperfect media, energy transformation may occur to attenuate the sound waves and achieve sound 
absorption. However, when we study the problem of sound transmission in extreme environment, we 
often need to solve high-order differential equation. At the same time, the three theoretical models for 
studying the internal structure and sound absorption properties of porous materials also involve many 
factors affecting the structural complexity of material, which all make the research difficult. Jiuhui Wu 
et al.used transfer-function method to measure the sound absorption coefficient of materials at 
different temperatures (2). Bo Zhang et al. used wave equation method to study the sound absorption 
properties of porous metal materials at high temperatures (3). However, their results are not in good 
agreement with the experimental results. 

Cellular Automata (CA) as a numerical algorithm is very suitable for the simulation of a 
complicated physical system. It is based on the principle of local action. It is a process of advancing 
and adjusting repeatedly to reach the system balance (4).  

2. ACOUSTIC MODELING OF CELLULAR AUTOMATA 
We take the impedance tube as the research object, and place the impedance tube in two dimensions, 

and divide it into cells according by the time step and space step. There are four different types of cells. 
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The cells in the first column belong to sound source cells, and the source excitation is a given plane 
wave; note that the state variables of the source remain constant. The neighboring cell is the air 
medium cell, which is next to the sound source. Cell state will be affected by the sound source at the 
initial time, the sound absorbing medium cell of porous metal material is followed by air medium cell. 
The number of the cell is determined according to the material thickness. The cells in the last column 
stand for rigid media. There are different local transfer rules between cells at different locations. The 
state variables of each cell in different time steps can be obtained by MATLAB programming.  

2.1 Rules in Air Media 
We assume that the waves in impedance tube do not contain non-planar wave components, and all 

sound waves are planar waves. Therefore, there is no reflection at the upper and lower boundaries of 
each column.  

The space step is 1 mm and the impedance tube length is set to be 1m, so there are 1002 cells in total 
in the model. The first and 1002th cells stand for sound source and rigid wall, respectively, and the 
second to 1001 cells are sound medium parts. We define that each cell has two state variables: excess 
sound pressure (i.e. sound pressure) and change of sound pressure. At normal pressure and temperature, 
we use the one-dimensional wave equation of small amplitude sound wave. 
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By algebraic transformation, as follows, 
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the local evolutionary rules of sound wave propagation in air medium can be obtained: 

jtixpjtixp
dx

jtixpjtixpjtixpdtjtixp ,21,-,1,2,11, 2

2
 (3) 

The first cell on the left is the sound source cell, so the plane wave is :  

2
tj

0ePp  (4) 

Starting from step 1002, standing wave arises due to the superposition of incident and reflected 
sound pressures in tube, which is expressed as: 

jtekx cos2pp  (5) 

 
Figure 1 – Sound Pressure Distribution 

It can be seen from the figure that the position of the standing wave crest and trough does not 
change with time, and the maximum value of the amplitude is 2Pa and the minimum value is -2Pa. The 
result is reasonable. 

We further add some porous sound-absorbing materials, and the flow resistance of the materials can 
be determined by the definition below, 
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νφd
Δpσ0  (6) 

 corresponds to the variation of sound pressure, and then deduces as follow: 

νφd
jiix-pjtixpσ 1,,

0  (7) 

The local rules of the impedance tube having sound absorbing medium can be obtained also: 
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Z
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It can be seen from the formula that the sound pressure at this moment is related to the properties of 
the material itself and the sound pressure at the cell at the previous moment. Furthermore, we need to 
calculate the characteristic impedance of metal materials. There are three sound absorption models: 
empirical model (D-B model), phenomenological model (J-C-A model) and flow around model. In this 
work, we use phenomenological models to calculate sound absorbing of porous metal. 

2.2 CA Simulation Based on J-C-A Phenomenological Model 
J-C-A model needs not only two parameters of porosity and flow resistance, but also other five 

parameters such as tortuosity factor, thermal characteristic length and viscous characteristic length. 
The bulk modulus Keff and effective density eff are given in the model (5): 
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In Eqn. (9) and Eqn. (10), 0 is the static density of air, is the viscosity coefficient of air, is 
the specific heats of air , B is the Prandtl constant, is porosity, 0 is flow resistivity, Lv is viscous 
characteristic constant, Lth is thermal characteristic constant. Characteristic impedance of material is: 

effeffc KZ  (11) 

It is noticed that in this paper, the sound absorption coefficient of materials is evaluated by using 
standing wave method: 
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In the formula, we need to get the maximum and minimum of sound pressure. Since we have 
obtained the distribution of the sound pressure, we can easily extract the maximum and minimum of 
that to get the sound absorption coefficient. 

3. MODEL OPTIMIZATION AT HIGH TEMPERATURE 
In a complicated high environment, in theory, the internal structure of porous materials may be 

modified accordingly, thus some structural or acoustic parameters more or less change with the 
increase of temperature. Considering non-uniform high temperature fields, one way use the 
following wave equation in this subsection (2). 
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And two functions in Eqn. (13) are as follows: 
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In Eqn. (15), dT0/dz is temperature gradient and if the temperature is constant, its value is equal 
to zero. Local rules with temperature gradient and without temperature gradient can be gained by 
differential treatment of the equation. 
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The relationship between acoustic constants and temperature is as follows  
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Among them, 0 is the air density at room temperature, 1 is the air density at high temperature, 

T0 is the absolute temperature at room temperature, T1 is the absolute temperature at high 
temperature. In Eqn. (18), Tc=300 K, and Ts=110.4 K. 

4. MODEL OPTIMIZATION UNDER HIGH SOUND PRESSURE 
When the sound pressure rises to a certain value, particle velocity is no longer a negligible 

quantity compared to the sound velocity, so the problem at this time belongs to nonlinear acoustics.  
In non-linear acoustics, the trace in the equation will be retained to the second order trace and 

Westervelt equation is considered as: 
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After rewriting each term of the equation above by using the difference method, the cell sound 
pressure value at a certain position at time t+1 can be obtained  
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With the increase of sound pressure, not only the wave equation of sound wave transmission 
changes, but the sound absorption property of materials does, the most obvious of which is the 
change of material flow resistance. In the case of finite amplitude, the flow resistance rate no longer 
obeys Darcy's linear law. We adopt Hongyuan Jiang’s formula (6) for calculating flow resistance. 

u
da 030 2

)1(42.1  (27) 

In Eqn. (26), 0, , da, 0, u are static flow resistivity, porosity, pore size, equivalent density, 
and particle velocity. Starting from the one-dimensional non-linear motion equation, one may get the 
one-dimensional non-linear continuity equation of porous materials at high sound pressure levels in 
the following form: 
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Figure 2 – Sound Pressure Distribution 

The Fig. 2 shows the distribution of material flow resistance with respect to incident sound pressure 
level at frequencies of 1000Hz, 2000Hz and 3000Hz. It can be seen that the material flow resistance 
increases nonlinearly with the increase of sound pressure level.  

5. SIMULATION RESULTS AND ANALYSIS 
 
Based on the theory in previous sections, we employ J-C-A model to conduct a more 

comprehensive simulation analysis of the system. Considering the changes of some parameters of 
materials relative to those at room temperature, the sound absorption coefficient of the system is 
simulated at high temperature and high sound pressure. 

Table (1) gives the physical and acoustical parameters of samples under consideration. The Cellular 
Automaton model based on J-C-A model is used to simulate the sound absorption coefficient of the 
material at room temperature; the result is shown in Fig. 3. 

Table 1 – Physical and acoustical parameters of samples 

Materials Porosity 

Flow 

resistance, 

N.s/m4 

Thickness, 

mm 

Tortuosity 

factor 

Thermal   

length, 

μm 

Viscous 

length, 

μm 

Sample 1 90.89 20610 25 1.664 123.19 289.54 

Sample 2 90 2100 30 1.305 206.10 210.20 

Sample 3 80 3095 30 1.170 116.66 313.34 

Sample 4 90 1993 20 1.380 210.73 215.36 

Sample 5 80 2140 30 1.324 242.85 325.96 
 

2988



 

 

 
Figure 3 –Sound Absorption Coefficient Curves 

Figure 4 shows the sound pressure level distribution and sound absorption coefficient curves of 
porous sample 1 at 100,200,300 degrees Celsius, respectively, in literature (2). 

 
(a) Sound Pressure Level Distribution 

 
(b) Sound Absorption Coefficient Curves at high temperatures 

Figure 4 –Simulation Result at Different Temperatures 

It can be seen that the sound absorption performance of the material decreases with the increase 
of temperature, because the flow resistance of the material increases further with the increase of 
temperature. And, it can be seen that the error from cellular automata model is quite large, the 
possible reason of which is from the choice of step size in simulations and the error of experiment 
itself. 

                       
Figure 5 – Sound Pressure Distribution 
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Figure 6 – Sound Absorption Coefficient Distribution 

Figure 5 shows the sound pressure distribution in impedance tube, roughly a standing wave with 
an amplitude of 2000 Pa and a frequency of 1500Hz. Because of the nonlinear distortion, the 
waveform inside impedance tube is no longer a theoretical sinusoidal wave, but more than a shock 
wave finally. Fig. 6 shows the distribution of sound absorption coefficients of sample# 1 with 
amplitudes of sound source up to 1000Pa, 2000Pa, and 3000Pa, respectively. 

 
Figure 7 – Sound Absorption Coefficient Curves of Sample 2 

                       
Figure 8 – Sound Absorption Coefficient Curves of Sample 3                            

 
Figure 9 – Sound Absorption Coefficient Curves of Sample 4 
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Figure 10 – Sound Absorption Coefficient Curves of Sample 5 

Figures 7 to 10 show that by introducing the parameters in Table 1 into the presented Cellular 
Automata model, the sound absorption coefficients of materials at 125dB can be obtained. It can be 
found out that as a whole, the simulated and experimental results fit quite well, but there still exists 
relatively large errors at some frequencies. 

 
Figure 11 – Sound Absorption Coefficient Curves of Sample 5 at Different Sound Pressure Levels 

6. CONCLUSIONS 
In this work, the acoustic model of one-dimensional Cellular Automata is built up by modifying 

linear acoustic wave equation for different environment conditions. It can be seen that, normally, as the 
temperature increases, the viscosity and the density of air change accordingly, which makes the sound 
absorption coefficient of material decrease at high temperature. According to the experiment al and 
simulation results, the change of sound absorption coefficient is not obvious as the sound pressure 
level increases. To our knowledge, the tendency above may be due to that the strength of sound source 
in simulation or experiment is not large enough to apparently affect sound absorption of materials. 
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ABSTRACT 
In recent years, wind power generation attracts attention. However, problem of low frequency sound 
generated by wind turbines and its influence on human beings have been gradually taken up in society. We 
investigated the influence of ultra-low frequency sound generated from wind turbines on human 
subjects/testers from both aspects of measurement of audible/infrasonic sound and multiple biometric 
information sensing systems. In the experiment outside, portable electroencephalographs and pulse wave 
sensors are used because only such small equipment can be used to perform biological information sensing 
outdoor, in the vicinity of a wind turbine facility. In order to calculate relax trends from the obtained 
biological information, a method based on previous analyses for obtaining relaxation degrees R is used. It 
is coming from the fact that content rate of each frequency band included in the electroencephalogram 
waveform varies depending on the human mental state in the brain wave. Also, in analyzing the heart beat 
wave, we used an analytical method to find stress degrees S by using the balance of autonomic nerve that 
can be calculated from the heart beat signal fluctuations. Here we would like to introduce the result using 
the above analyses methods for almost 30 examples. 

1. INTRODUCTION 

1.1 Background 
Energy source conversion from the fossil fuel to renewable energy has recently been rapidly on 

going In particular, the wind power is recommended and widely introduced in countries around the 
world because relatively low power generation cost and high conversion efficiency etc. On the one 
hand, the wind power has feature that it makes generate infrasound of 20 Hz or less and sound of 
audible frequency during power generation (1). The noise level of sound generated by wind turbines is 
not noticeably high but, even within the relatively low noise level it is easy to occur the complaint from 
residents nearby, because many wind turbines have been built in a quiet rural area where weather 
conditions such as wind direction and speed are suitable in the mountain ridge. It has begun to be 
noticeable that noise problem of the sound by wind power generation since around 1998 in Japan. Then 
the problem was recognized and began to be researched about the influence of the wind power sound 
on human health in some of research institutes and in Ministry of the Environment. Among them, the 
sound power in low-frequency audible sound and infrasound range, lower frequency than 20 Hz and 
can’t be noticed by human ears, is less than the human hearing threshold curve for pure tone of ISO in 
its 1/3 octave band sound pressure level distribution as well as the limit curve for evaluation of low 
frequency sound proposed by Moorhouse et al. (2011), it turns out that difficult to recognize the 
component of low-frequency audible sound and infrasound region of wind turbine noise. For that 
reason, it can’t be denied the possibility of low frequency sound to harm the human health of residents 
nearby. It is mentioned that the same kind of health effects arise in the paper of Jeffery et al. (2014). 
Because it is a possibility adversely to affect human life physically, mentally, and socially, with 
causing annoyance when it is extremely close to wind farm (1, 2). Main health damage according to 
low frequency sound are mentioned the dizziness, sleeplessness, stiff neck, nausea, etc. It is also the 
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feature that there are many indefinite complaint and individual differences are large. Also, according 
to Pierpont (2009), among the wind power generation sound, she suggests not only sounds in the 
audible range that the eardrum and middle ear can detect but also sound below the audible sound 
(infrasound) to occur symptoms by body's balance sense abnormality according to resonance of bone 
conduction sound and each part of human body, and she named those symptoms with Wind Turbine 
Syndrome (WTS). The influence on the brain by balance sense abnormality is mentioned the 
involuntary reflection and vestibular reaction of muscle, vigilance state (awakening), spatial 
processing and spatial memory, physiological response of fear, disgust learning. In the same book, it 
has reported that it caused sleeping disorder, headache, ear fullness by noise of 10 Hz or less in one of 
symptom examples in Germany (3, 4). 

 Pierpont (2009) has mentioned that body's valance sense system is something as shown in Table 1 
and it arises contradiction, if at least two systems in systems of 1-3 does not function properly (3, 4). 
Also, it is current status that symptoms by lower audible component of wind turbine power generation 
sound is that individual differences are large like WTS and there are still many unclear points 
scientifically. But, one or more in the systems of Table 1 are hindered by lower audible component of 
wind turbine power generation sound and contradiction with other systems arises, so it has been 
thought that symptoms may arise the cause of the body's balance sense abnormality. 

Table 1 – Type of valance sense system of body's (3, 4) 

① Eye (Vision system) 

② Upsetting of the inner ear, Position sense organ (Vestibular system) 

③ Body muscles, Extension receptor of joint and sense of touch receptor of skin (Somatic sense system) 

④ Extension of organ of belly and breast, Baroreceptor 

In our laboratory, a biological information sensing experiment near a wind farm was carried out by 
Yoshinaga (2018). The content is to view the stress tendency of the human affected by the wind power 
generation sound by measuring the personal biological information data when exposed wind power 
sound for a short time, and compare the obtained data with simultaneously measured infrasound data. 
For the outdoor experiment he developed low-cost and portable biological information sensing system 
with a pulse wave sensor (PWS) and an electroencephalograph (EEG) (5). He confirmed evaluation of 
the sensing system and the infrasound signal of a few Hz observed at a site 500 m from the wind 
turbines during outdoor experiment and small stress tendency but with only 5 samples. 

1.2 Purpose 
In this research, the purpose is to try the evaluation of the influence of infrasound components on 

humans in the vicinity of wind farm by collecting the outdoor experimental samples for nearly 30 cases 
that can used for statistical analysis. 

2. EXPERIMENTAL EQUIPMENT 

2.1 Biological Information Sensing 
In order to perform biological information sensing in the outdoors, we must put emphasis on 

portability and relatively low cost characteristics, thus we used the same combination of EEG and 
PWS as was used in previous studies. Human stress tendency can be calculated by using the obtained 
electroencephalogram data measured by an EEG. The EEG used in this paper is the MindWave Mobile 
and MindWave Plus manufactured by NeuroSky Co. MindWave Mobile Plus is an upgraded version of 
the MindWave Mobile but the shape and design are the same. Pairing the EEG and a PC is via 
Bluetooth wireless connection, with a sampling rate of 512 Hz. 

In this research, we measured the heart beat that has high correlation with human stress condition. 
We can calculate human stress indicators by analyzing the obtained data of PWS. Here, reflective pulse 
wave measurement method of photoplethysmography was used. This measurement method can 
capture a waveform of the volume change in blood vessels that occurs as the heart pumps blood. The 
PWS used is manufactured by Rasbee Co. which is inexpensive and also has portability. In the 
experiment, we attached this small PWS to the experimental subject's fingertip with black magic tape 
carefully so as not to let the light come in. As for specifications of PWS, LED wavelength of 609 mm 
and drive voltage of 3-5 V are applied. Volume change of blood vessels observed by PWS appears as 
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waveform called finger plethysmogram but the pulse wave sensor used in this study has mechanism to 
output a waveform called acceleration pulse wave as a signal. This is a waveform obtained by the 
finger plethysmogram after passing through a second order differential circuit in each PWS as shown 
in the Figure 1. To calculate the degree of stress S from pulse wave measurement, it is important to see 
and analyze a peak of each wave pulse. But, there are some difficult cases in finding the peak of each 
wave pulse with using the finger plethysmogram. Therefore, acceleration pulse wave, differentiated 
twice from the measured pulse wave, is used in many cases in consideration of precise peak time 
analysis. 

 
Figure 1 – Relationship of finger plethysmography and acceleration pulse wave 

2.2 Existing System 
In our previous research, we developed a recorder system to collect pulse wave data measured by 

a PWS. A Raspberry Pi2 Model B and an A/D converter MCP3208 of Microchip company were used. 
A reason of using the Raspberry Pi2 Model B is its high affinity with MATLAB software 
development language. Though, there was only one device developed in the prior research but, as for 
the current research designed with using three devices at the same time, we made two more devices 
(figure 2a) by using the same schematics. 

The recorder developed in prior research as well as summary diagram of the entire system is 
shown in Figure 2b. As an overview of the system is to measure pulse wave signal with the PWS and 
to convert it to digital data that can be handled by logging program on a PC through an A/D 
converter via Ethernet cable connecting between Raspberry Pi and PC. Also, it was saved as a text 
file by the program and the pulse waveform can be displayed and reviewed in real time. The EEG 
has a Bluetooth connection with the PC, and the data logging time is displayed on a program window 
with storing, brain wave data (5). At the present stage, as the Raspberry Pi is used only as a handling 
medium to send the pulse wave data to the PC, it could be more smart in outdoor operation if we 
develop a program to use the Raspberry Pi as a recording device. 

           

(a) Pulse wave recording device (Two sensors) (b) System outline 

Figure 2 – Developed biological information sensing system 

2.3 Infrasound Observation Sensor 
Infrasound observation sensors we used are ParoScientific Quartz crystal vibration barometer 

Model 6000-16B (NanoBarometer). We have been operating the sensors for disaster mitigation in 
usual. Here we adopted it because it can observe infrasound component of sound waves generated 
from wind turbines. Also, we used two sets of dedicated data logger system, NanoLogger (Mitomi 
Giken NL-6000C) released from Toho Mercantile Co. in combination with the NanoBarometer. 

2.4 Experimental Design 
In the experiment, we organized an experiment at a place of 500 m distance from a pair of wind 
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turbines as well as at another place without any wind turbines. As an outline, we used an eye mask 
and a pair of earphones per each subject person to wear with sitting on a chair, attaching an EEG and 
a PWS with rest condition. Here we measured brain and pulse waves with their eyes closed for 
preventing influence of myoelectric potential changes by their eye blinks. Simultaneous 
measurements were carried out for 1 to 3 people each, with consideration of personal area with a 
separation of 3.5 m or more. The experiment task is as shown in table 2. White noise was exposed 
from the earphones for a purpose of initial state control for the difference by place and time for each 
subject. After the measurement, we added a psychological questionnaire written in consideration of 
subjective data. Also, we consider counterbalance in total, having experiments with swapping the 
order of experimental place for each day. This is to prevent bias of stress by order of experimental 
place. Weather information in measurement place at the time of experiment is noted as shown in 
table 3.  

Table 2 – Environmental information in measurement place 

Experiment order Task 

1 White noise exposure for 5 minutes 

2 Environmental sound (No sound from headphone) for 5 minutes, 1st time 

3 Environmental sound (No sound from headphone) for 5 minutes, 2nd time 

4 Psychological questionnaire 

 

Table 3 – Experiment task 

 

3. ANALYSIS METHOD 

3.1 EEG Analysis 
In this research, we referred an analytical method used in a previous study (6) on relaxation effect 

by relaxation sound exposure by using only a simple EEG because we also used a one EEG. In the 
analysis method, we use a ratio of two individual frequency bands included in the 
electroencephalogram waveform changes by mental state of people. It is known that θ wave (5-7 Hz) 
and α wave (8-12 Hz) are prone to increase proportionally in the relaxed state, while β wave (13-19 
Hz) is prone to increase proportionally in the stressed state. Based on such tendency, we can 
investigate the human stress level with numerical values by doing EEG analysis (6). We derive an 
index R as the degree of human relaxation with a frequency content rate of θ wave, α wave, and β 
wave as is shown in the following equations. 

The index R is obtained by dividing the sum of power content rate that is often appeared in the 
relaxed state by the overall power content rate. The larger the value of R, the higher the degree of 

Other 

Experiment day Weather
Temperature

(℃)
Wind speed

 (m/s)
Experiment day Weather

Temperature
 (℃)

Wind speed
(m/s)

Order

12th November Cloudy/Rain 10～11 0～1.0 12th November Cloudy 18.2～21 0～0.5 (2) -> (1)

14th November Sunny 12～26 1.0～4.0 14th November Sunny 14～22 1.5～5.0 (1) -> (2)

16th November Cloudy/Sunny 12～18 0.5～1.5 16th November Sunny 17～33 0～0.9 (2) -> (1)

20th November Sunny 13～26 2.0～4.6 20th November Sunny 21～27 0～2.0 (2) -> (1)

21th November Cloudy/Sunny 10～20 1.0～3.6 21th November Cloudy 17.8～20 0～0.5 (2) -> (1)

30th November Sunny 14～20 0.5～3.0 30th November Sunny 22～29 0～1.5 (2) -> (1)

5th December Sunny 18～26 1.5～4.0 5th December Sunny 16.5～25 0～2.0 (1) -> (2)

7th December Cloudy 10～11 1.0～3.0 7th December Cloudy 9～14 0.5～3.0 (1) -> (2)

12th December Cloudy 7.5～13 3.0～6.5 12th December Sunny 15～19 1.5～3.0 (2) -> (1)

14th December Sunny/Cloudy 4.5～10 0.5～6.0 14th December Sunny 10～17 1.0～3.6 (1) -> (2)

(2) Place without wind turbine(1) Place with wind turbine

 1/ minmax
max

min
  


iiFf

Ff fi FFVP
i

i
 (1) 

 PPPPsum   (2) 

sumii PPG /  (3) 
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relaxation, thus high value of R means that the subject does not feel much stress. By this relation, we 
can roughly see the stress tendency for each person.  

3.2 Pulse Wave Analysis 
In pulse wave analysis, we used analytical method of Heart Rate Variability (HRV) in order to 

obtain the degree of stress using autonomic balance information that can be calculated from 
fluctuation of heart beat signal (7). The analysis method can also be adapted to pulse wave period 
that can be calculated from the heart beat activity cycle. In the HRV, we can see heart rate 
fluctuations by plotting the difference of the second derivative peak time on the vertical axis with 
respect to the peak interval of the pulse wave waveform (heart rate interval) and to create an RRI 
graph (figure 3a). We can get a degree of relaxation R from LF/HF ratio by using power spectrum 
analysis (figure 3b) on the heart rate fluctuation, with integrating the appeared low frequency 
component (LF:0.05~0.15 Hz) and high frequency one (HF:0.15~0.40 Hz), respectively. 

                
(a) RRI graph                        (b) Power spectral density (LF, HF range) 

Figure 3 – Graph in pulse wave analysis 

4. RESULTS 

4.1 Stress Tendency 
We successfully collected a data set of about 30 cases by changing the experimental design. Here, 

we show in the figure 4a the median value of the data collected for 29 persons. The top indicates 
pulse wave data and the bottom is EEG data. The individual graphs in each panel are arranged in 
experiment task order, i.e., from the left, the white noise (sound from earphones), environmental 
sound for the 1st time (no sound from earphones), and that for the 2nd time. We show the result at 
the experimental place without any wind turbines on that with wind turbines on the right. Also, we 
show in figure 4b that another version normalized with the white noise as 1. 

      

(a) Comparison of stress between PWS and EEG 

in outdoor experiment (Median data) 

(b) The same as normalized with white noise as 1 

Figure 4 – Stress tendency result 

Looking at the results in figure 4a, the data obtained at the experimental place with wind turbines 
show slightly higher degree of stress of pulse wave than at the experimental place without any wind 
turbines, while in the EEG, we found that there is no apparent change in the degree of relaxation 
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between the both experimental places. The normalized result in figure 4b also shows the same 
tendency. 

4.2 Questionnaire 
The outline of the psychology questionnaire we used in each experimental place after the 

experiment as well as the result are shown in figure 5. 

        
(a) Psychological questionnaire (b) Psychological questionnaire result 

Figure 5 – Psychological questionnaire summary 

Looking at the psychological questionnaire results shown in figure 5b, with using the 
questionnaire of figure 5a, we found that the percentages of person choosing very bad or somewhat 
bad in the experimental place with wind turbines, as well as those of very good or somewhat good in 
the experimental place without wind turbines were large. 

4.3 Power Spectrogram 
We analyzed infrasound data observed by using the NanoBarometer with WAVE 

SPECTROGRAM software developed in our laboratory (Sorimachi, 2017) (8). We also analyzed the 
audible around data by using an IC recorder at the same time of the experiment. In the comparison of 
the both data of the infrasound sensor and the IC recorder obtained at the experimental place with 
wind turbines (500 m from the wind turbines) and at the experimental place without wind turbines in 
the most intense wind day and in the weakest wind day, we could confirm the peak at around 0.2-0.5 
Hz in the intense wind day in the infrasound spectrum. Also, in the experimental place with wind 
turbines, we could confirm the peak at around 0.2-0.3 Hz in the weaker wind day. However, in the 
windy day and quiet day comparison with the IC recorder only, there found no large difference 
between the data of experimental place with wind turbines and those of experimental place without 
wind turbines. Additionally, the result of comparing the power spectrogram of infrasound data and 
IC recorder data measured directly beneath the wind turbines in the same period in the most intense 
wind day at the experimental place with wind turbines is shown in figures 6, 7. 

 
Figure 6 – Comparison of power spectrograms of infrasound range by distance from the wind turbines 
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Figure 7 – Comparison of power spectrograms of audible sound by distance from the wind turbines 

Looking at Figure 6, in the directly beneath the wind turbines (about 30 m distance) and 
experimental place with wind turbines (500 m from the wind turbines), we were able to confirm a 
peak band of infrasound at the same frequency range (0.2-0.5 Hz). Also, in the directly beneath the 
wind turbines (about 30 m), we could confirm its harmonics. Looking at Figure 7, in the IC recorder 
of directly beneath the wind turbines (about 30 m), there is a peak likely a motor sound of the wind 
turbines at about 350 Hz, while the peak can’t be seen at the experimental place of 500m. 

5. IMPACT ASSESSMENT AND DISCUSSION 
In this research, we successfully collected biological information data for 29 persons under the 

both conditions of near of and without the wind turbines. However, the stress tendency of each 
experiment cooperator showed a lot of variation, even in the cases of parallel simultaneous 
measurement in the same environment. So, we tried to see overall tendency by taking the average of 
the whole data, however in the experimental place without wind turbines, it can be confirmed that it 
makes larger error range against the environmental sound for the 1st time in the experiment task in 
the stress level obtained by pulse wave, namely we found the variability of the data was large. The 
white noise exposure was used for the purpose of normalizing the stress status, we leveled with the 
white noise experiment as is shown in figure 4b. By this, it became possible to compare the stress 
tendency depends on experimental places. At this moment, we don't know any specified distributions 
that can clearly support whether all the collected sample data are statistically meaningful. But, if we 
can say that once some probability distribution functions are applied as indicators of human 
biological information, the dataset might be statistically meaningful.  

In this kind of experimental data analysis, not only influence by the wind turbines, but also we 
should consider that it will have many types of influence by the other external factors, so we should 
try to see the stress tendency by changing normal environmental conditions such as temperature and 
wind speed. Nevertheless, in the outdoor pulse wave sensing, we could see some tendency as a result 
shown in figure 4b. While, it was difficult to see any clear trends in the EEG data, and there were 
several cases in which the EEG showed stress tendencies opposite to the PWS result. Precise 
measurement would be difficult because the EEG used is a simple EEG with only one sensing point. 
For that reason, emphasis on securing sample numbers and improving more appropriate experimental 
design and analytical methods is necessary. In the pulse wave analysis, we think that some unclear 
waveform to be measured makes a problem in automatic peak detection failure because there are 
many individual characteristics in pulse wave signal and unusual cases can be obtained with unstable 
peak in each heartbeat. For this reason, we think that we have to increase the knowledge of 
biological information sensors and its performance. Improving experimental efficiency for automate 
analysis method is also important. If the analysis time were shortened, we could handle a lot of data 
and could discuss data reliability. In this experimental design, we performed parallel simultaneous 
measurement to conduct the measurement efficiently. But, there were many troubles that the 
connection was interrupted during the measurement by the condition of Bluetooth connection of the 
EEGs, there was a case that the measurement time is longer than that of in the case of one person.  

As for the infrasound measurement, we know that the rotation period of the wind turbine is about 
2 to 3 seconds from video movies taken directly beneath the wind farm. As it uses 3 blades, we can 
see the repetition period that one blade passes through one point on the circumference is about 1 
second. Whereas, it is conceivable that the frequencies generated by turning of the windmill are 
around 0.45 Hz and 1.35 Hz that is actually shown in the figure 6. Moreover, we can confirm peaks 
and their harmonics in the same infrasonic frequency ranges. Therefore, this wave is considered as 
artificial wind pressure vibration. Also, in the place directly beneath the wind farm (about 30 m) and 
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experimental place with wind turbines (500 m from the wind turbines), because the peak can be 
confirmed around the same frequency band, we can understand the infrasonic wave of 1.35 Hz can 
propagate but with significant attenuation for the place 500 m away from the wind turbines. Further, 
in the IC recorder spectrum directly beneath the wind farm (figure 7) showed a peak likely of the 
motor sound at around 350 Hz, this peak can’t be seen at 500 m away. Moreover, we found that in 
the 500 m point, it is affected only by the infrasound component of wind power generation.  

Also, in the psychological questionnaire, we found that the experimental place with the wind 
turbines shows higher stress tendency. In the counter balance, the experiment cooperator who 
experienced the experiment in the order from the experimental place without wind turbines to that 
with the wind turbines were 14 persons, while there were 15 persons who experienced it in reverse 
order, so it is almost leveled. We can consider that some other factors are working, because stress 
tendency is higher at the experimental place with wind turbines. However, it may not be directly 
connected to wind turbines. For example, the road situation up to reach the both points, it may be 
also necessary to consider the situation that there are more mountainous roads in the experimental 
place with wind turbines. It should be in emphasis that for the both of objective sensing experiment 
results as well as subjective psychological questionnaire ones, the tendency of increasing the stress 
in the experimental place with wind turbines were found. 

6. CONCLUSION 
In this research, as a purpose to try evaluating the influence of infrasound components on human 

health in the vicinity of wind farm, we conducted parallel simultaneous measurement of pulse wave 
and brain wave by using small biological sensing devices, securing the number of experimental 
samples. We improved efficiency of the outdoor experiment, collecting 29 samples of data. Finally, 
we found a tendency that it seems rather easier to feel stress near the wind farm than the usual place 
without wind turbines, though the tendency was slight. 
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Abstract
At many immission sites, human exposure to infrasound ( f < 20 Hz) is usually accompanied by sound in the
audio-frequency range (audio sound, 20 Hz ≤ f < 20 kHz). This gives rise to the question of whether the
interaction between infrasound and audio sound affects the quality of auditory perception. Psychoacoustic ex-
periments were performed within the framework of the EARS 2 project of the European Metrology Programme
for Innovation and Research (EMPIR). Recent results in this project had already shown that detection thresh-
olds for infrasound were increased when simultaneous audio sound is present. The current study deals with the
hypothesis that the unpleasantness related to infrasound is changed when infrasound is presented along with
audio sound. A rating task on a numerical scale and a pairwise comparison task were conducted to quantify
and to compare the unpleasantness of (1) isolated infrasound (sinusoid), (2) isolated audio sound (sinusoid and
broadband), and (3) the combination of both, at different sound pressure levels. Normal hearing listeners aged
from 18 to 30 years participated in the hearing tests. The results should be of use to improve the understanding
of the impact of combined noise on humans and their well-being in the vicinity of potential noise sources.

Keywords: Infrasound, Unpleasantness, Psychoacoustic scaling methods

1 INTRODUCTION
The effect of infrasound (frequencies f < 20 Hz) on humans is a matter of current research and debate. In

the recent years, the human exposure to infrasound increased and there are more and more individuals feeling

annoyed by noise with infrasound components, like road and rail traffic noise and wind turbine noise (e. g.

[1, 2]).

Since human exposure to infrasound is usually accompanied by sound in the common audio frequency range

(audio sound, 20 Hz ≤ f < 20 kHz), the question arises whether the interaction of infrasound and audio sound

is a contributing factor for the large annoyance of environmental noise with infrasound components. Only few

studies so far have investigated the effect of combined infrasound and audio sound stimuli on human perception.

For instance, Møller investigated the annoyance of infrasound (sinusoid at 16 Hz) combined with audio sound

(narrowband noise centred at 1000 Hz) by exposure in a whole-body pressure-field chamber. He observed that

“Combinations of audio and infrasonic noise were in general given a rating close to, or slightly above, the

rating of the most annoying individual noise conditions” [3].

Within the research project EARS 2 (project of the European Metrology Programme for Innovation and Research

EMPIR) our aim was to realize a profound investigation of the human perception of combined infrasound and

audio sound stimuli. We focussed on the perception of sound by means of the human auditory system and

excluded other ways of sensation, like somatosensory mechanisms. Therefore, we applied a specially developed

sound source system delivering infrasound and audio sound stimuli directly to the participant’s ear canal by

means of a foam eartip.

Recent results in this project revealed that detection thresholds for audio sound were hardly affected by the

presence of infrasound. On the contrary, thresholds for infrasound can significantly increase when simultaneous

audio sound is present (results of a pilot study [4], manuscript of the complete data set is submitted).

The present study takes the previous findings a step further by investigating the perceived unpleasantness, a
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precursor of annoyance, for combined infrasound and audio sound stimuli. We wanted to investigate whether

the combination of infrasound and audio sound is rated as more unpleasant than isolated infrasound and isolated

audio sound stimuli. We were especially interested in whether this also applies for the combination of audio

sound with infrasound below threshold level, since levels of infrasound in environmental noise are often below

threshold level (e.g. [1]). In addition, the masking effect of audio sound on infrasound may affect the perceived

unpleasantness for infrasound combined with audio sound, especially, when infrasound is presented at a near

threshold level.

We performed two different rating tasks, a numerical scale rating task and a paired comparison task, in order

to examine whether both methods provide similar results. The results discussed in this paper are an outcome of

a pilot study with six participants.

2 Materials and methods
2.1 Setup
The infrasound and audio sound stimuli were each generated by separated sound sources, both were realized

as electrodynamic loudspeakers mounted in damped wooden boxes. Tubes coupled the sound sources to the

same audiometric ear tip (E-A-RTone/ E-A-RLink, Standard Insert Foam Eartips), which was used for monaural

presentation of the acoustic stimuli. The infrasound and audio sound signals were digitally generated at 96 kHz

sample rate in MATLAB and they were fed into separate channels of an external soundcard (RME Fireface

UC). The outputs were connected to amplifiers (type Beak BAA 120 for infrasound signals, type Tira BAA 120

for audio signals).

During the hearing tests, the sound source system and the participant were located in an anechoic room provid-

ing a sufficient low-background sound level even in the infrasonic frequency range. The audiometric eartip was

inserted into the participant’s right ear and the contralateral ear was occluded with an earplug. A mouse and a

computer screen were placed in front of the participant.

The sound pressure level of the audio sound stimuli were calibrated with an IEC 60318-4 [5] occluded ear-

simulator (Brüel & Kjær 4157, with ear canal extension DB 2012), whereas the sound pressure level of the

infrasound stimulus was calibrated with a 1
2

′′
low-frequency pressure-field microphone (Brüel & Kjær 4193,

with UC0211) coupled to a cavity with a volume of 1.3 cm3, which is approximately equivalent to the volume

of the human ear canal.

2.2 Stimuli
In the unpleasantness rating task, 26 different stimuli (Table 1), including isolated infrasound, isolated audio

sound, and combined infrasound and audio sound stimuli, were used. A sinusoid at 12 Hz was applied as

infrasound stimulus, and a sinusoid at 1000 Hz and a bandlimited pink-noise stimulus (broadband) with the fre-

quency range between 250 Hz and 4000 Hz were used as audio sound stimuli.

The stimuli were presented at different sound pressure levels. The sinusoid at 12 Hz was presented at 95 dB SPL

and 110 dB SPL (Table 1, No. 1 - 2, No. 15 - 26), which represents sound pressure levels around and clearly

above the average threshold level reported in [6, 7] that is values between 90 dB SPL and 93 dB SPL for a si-

nusoid at 12.5 Hz. Since the sound pressure levels of environmental infrasound noise are often below threshold

level we were especially interested in whether audio sound combined with infrasound at a level below thresh-

old is more unpleasant than isolated audio sound. Therefore, the infrasound stimulus was also presented at

80 dB SPL when it was simultaneously presented with audio sound (No. 9 - No. 14). The sinusoid at 1000 Hz

was presented at 20, 50, and 70 dB SPL. The broadband stimulus was also presented at three sound pressure

levels (21, 36, and 53 dB SPL) having the same loudness as the sinusoidal stimulus at 1000 Hz according to [8].

The duration of each stimulus was set to 2 seconds to keep the total duration of the pairwise comparison task

cycle with 650 pairs of stimuli within an acceptable range for the test person. The same duration of the stimuli

was applied to the numerical scale ratings so that the results of both procedures remain comparable.

Cosine-squared windows with a ramp duration of 0.25 seconds were applied to stimulus onsets and offsets. The
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broadband stimulus was digitally pre-shaped to equalise the frequency response of the audio sound source.

Table 1. Stimuli for the unpleasantness rating tasks

Infrasound: Audio sound:

No. Stimulus Level [dB SPL] Stimulus Level [dB SPL]

1 12 Hz 95 - -

2 12 Hz 110 - -

3 - - 1000 Hz 20

4 - - 1000 Hz 50

5 - - 1000 Hz 70

6 - - Broadband 21

7 - - Broadband 36

8 - - Broadband 53

9 12 Hz 80 1000 Hz 20

10 12 Hz 80 1000 Hz 50

11 12 Hz 80 1000 Hz 70

12 12 Hz 80 Broadband 21

13 12 Hz 80 Broadband 36

14 12 Hz 80 Broadband 53

15 12 Hz 95 1000 Hz 20

16 12 Hz 95 1000 Hz 50

17 12 Hz 95 1000 Hz 70

18 12 Hz 95 Broadband 21

19 12 Hz 95 Broadband 36

20 12 Hz 95 Broadband 53

21 12 Hz 110 1000 Hz 20

22 12 Hz 110 1000 Hz 50

23 12 Hz 110 1000 Hz 70

24 12 Hz 110 Broadband 21

25 12 Hz 110 Broadband 36

26 12 Hz 110 Broadband 53

2.3 Psychoacoustic methods
Two different psychoacoustic scaling methods were applied to investigate the unpleasantness for combined in-

frasound and audio sound stimuli (stimuli, see Table 1). For each participant, a pairwise comparison task was

performed as the first experiment, and, after that, a 11-point-numerical rating task was conducted. The experi-

ments were implemented in MATLAB.

2.3.1 Pairwise comparison unpleasantness task
In the pairwise comparison task, the participants were asked to compare the unpleasantness of all combinations

of the 26 stimuli listed in Table 1, excluding the comparison of two identical stimuli. Each measurement trial

consisted of the presentation of one pair of stimuli and, simultaneously, two panels labelled "1" and "2" were

successively highlighted in red colour on the computer screen in front of the participant. Then, the participant

was asked to indicate which stimulus was more unpleasant for him/her by clicking on the respective panel.

Each comparison of one pair of stimuli was repeated once, but in reverse presentation order. So in total 650

comparisons (26*25) were conducted. The order of the comparisons was pseudo-randomized.
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2.3.2 11-point numerical unpleasantness rating task
In the 11-point numerical unpleasantness rating task, the participant successively rated the unpleasantness caused

by each stimuli (listed in Table 1) by means of a 11-point numerical scale according to the ICBEN recom-

mendations [9]. The scale displayed on the computer screen ranged from "0" labelled "not at all unpleasant"

(translated into German: "überhaupt nicht unangenehm") to "10" labelled "extremely unpleasant" (translated into

German: "extrem unangenehm"). The unpleasantness rating was repeated once for each stimulus, so that in total

52 unpleasantness ratings were performed. The presentation order of the stimuli was pseudo-randomized

2.4 Participants
Six listeners aged between 18 and 30 years participated in the hearing tests. None of them had experience with

psychoacoustic experiments with infrasound prior to this study. All of the participants were otologically normal

as tested by an otoscopic examination and by standard audiometry. They had hearing thresholds better than

15 dB HL for the right ear for pure tones between 125 Hz and 8000 Hz.

3 RESULTS AND DISCUSSION
The numerical scale ratings of unpleasantness were averaged across the two repeated ratings for each stimuli.

The boxplot of the averaged numerical ratings of the participants to each stimulus are illustrated in Figure 1.

The left panel shows the results for isolated infrasound, for the isolated broadband stimulus, and for infrasound

combined with the broadband stimulus. The right panel shows the results for isolated infrasound, for the iso-

lated sinusoid at 1000 Hz, and for infrasound combined with the sinusoid at 1000 Hz. The colour of the boxplot

indicates the audio sound level of the stimuli and the position of the boxplot on the x-axis indicates the infra-

sound level of the stimuli.

11-point-numerical scale
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Figure 1. Boxplots of average unpleasantness ratings of six participants using a 11-point numerical scale for

different stimuli combinations for infrasound (IS) and audio sound (AS) (list of all stimuli, see table 1).

To analyse the results of the pairwise comparison task, it was calculated for each stimulus how often on average

the participants rated the particular stimulus as more unpleasant than the other 25 stimuli. Thus, the results lie
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in the range between "0" (minimal unpleasantness) and "25" (maximal unpleasantness). Figure 2 shows the

results of the pairwise comparison task illustrated as boxplots for each stimuli arranged in the same way as the

results in Figure 1.

Unpleasantness pairwise comparison task
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Figure 2. Boxplots of average unpleasantness ratings of six participants based on a pairwise comparison task

for different stimulus combinations of infrasound (IS) and audio sound (AS) (list of all stimuli, see table 1) .

Comparing the distributions of the boxplots in Figures 1 and 2, it can be seen that the results of the pairwise

comparison task and of the numerical scale ratings are consistent. There was a significant positive correla-

tion between both procedures (Pearson’s correlation coefficient ρ = 0.86, Spearman’s rank correlation coefficient

rs = 0.87). When specific stimulus conditions with many data points at the lower limit on the numerical rating

scale (stimuli No. 1, 6, 12, 18) were excluded from the analysis, then, the correlation coefficients changed to

ρ = 0.82 and rs = 0.83. Taking into account the good agreement between both measurement procedures the

results of both procedures are discussed together in the following.

It was found that, in general, the unpleasantness of the isolated stimuli increased with increasing sound pressure

level as expected, and this applies to both, infrasound and audio sound stimuli. Comparing the unpleasantness

of the audio sound stimuli, the sinusoid at 1000 Hz was rated more unpleasant than the broadband stimulus at

the same loudness. That was also to be expected since tonal sounds are usually perceived as more unpleasant

than non-tonal sounds. The stimuli being rated as most unpleasant were the infrasound stimulus at 110 dB SPL

and the sinusoid at 1000 Hz presented at 70 dB SPL alone or combined with audio sound and infrasound, re-

spectively.

Another important finding of our study is that the stimulation with isolated audio sound and with audio sound

combined with infrasound at a level below threshold (12 Hz at 80 dB SPL) resulted in the same unpleasantness

rating. This finding might indicate that environmental noise with inaudible infrasound components, is not sig-

nificantly more unpleasant than noise with no infrasound components.

When infrasound was presented at 95 dB SPL, which is slightly above the average threshold level according to

[6, 7], it seems that the simultaneous stimulation with audio sound presented at a low and medium level (broad-

band: 21 and 36 dB SPL, sinusoid: 20 and 50 dB SPL) slightly increases the perceived unpleasantness compared

to the unpleasantness of respective isolated infrasound and isolated audio sound stimuli. On the contrary, when

infrasound at 95 dB SPL was combined with the audio sound stimulus at the high level (broadband: 53 dB SPL,
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sinusoid: 70 dB SPL) the perceived unpleasantness corresponds more closely to the unpleasantness of the iso-

lated audio sound stimuli. A possible reason might be the masking effect of audio sound on infrasound. Recent

results of this project had shown that infrasound threshold were masked by audio sound when presented at a

sufficient level (results of a pilot study [4]). Due to the masking effect the infrasound stimulus presented at

a near threshold level might be inaudible or hardly audible and, therefore, the unpleasantness of the combined

stimuli corresponds to the unpleasantness of the isolated audio sound stimulus.

When infrasound was presented at a clearly audible level of 110 dB SPL simultaneously with audio sound, the

unpleasantness of these stimuli were dominated by the unpleasantness of the infrasound, since the unpleasant-

ness of the combination seems to be equal to the unpleasantness of isolated infrasound stimulus. Moreover,

the unpleasantness of the stimulus combination of the sinusoid at 1000 Hz with the infrasound stimulus at

110 dB SPL might even increase with increasing audio sound level compared to the unpleasantness of the iso-

lated infrasound stimulus. However, this effect could not be observed for the broadband stimulus combined with

high-level infrasound.

Comparing the results of our study with the results of Møller’s study [3], we have to point out that we used

other measurement procedures and we used monaural presentation by an insert-earphone sound source system

instead of a whole-body pressure-field chamber like Møller. Nevertheless, the results are in good agreement

since both studies showed that the combination of infrasound and audio sound are rated as equal, or slightly

more, annoying than the most annoying isolated stimuli.

4 CONCLUSION
Within this pilot study, first trends were reported for the unpleasantness of infrasound combined with audio

sound. The results of the two different unpleasantness rating tasks are consistent. Furthermore, the results of

this study suggest that the interaction of infrasound presented at a level above threshold combined with audio

sound affects unpleasantness ratings. On the contrary, our data indicate that if there is any effect of below-

threshold infrasound on the unpleasantness ratings for combined infrasound and audio sound stimuli, this effect

must be very small. However, the experiments are to be carried out with a considerably larger number of

participants to validate these findings.
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ABSTRACT 
One year after opening of the Hokuriku Shinkansen (high-speed) railway, we conducted a social survey 
targeting detached houses along that rail in 2016. Noise and vibration exposure level were estimated at 
outdoor points closest to the noise source side of the house. Of the 1,980 people contacted, there were 1,022 
valid respondents. The purpose of this research is to investigate the relationship between noise and vibration 
exposure and social responses. Regarding the noise annoyance and some living activity disturbances, it was 
shown that the responses of residents living in areas without the conventional railway are higher than those 
in areas running parallel to conventional railway. This tendency was remarkable especially in areas with high 
vibration exposure caused by Shinkansen railway. High vibration annoyance was shown in areas without the 
conventional railway, while there was no difference by the degree of the noise exposure. 
 
Keywords: Social survey, Shinkansen, High-speed railway, Annoyance, Exposure-response relationship 

1. INTRODUCTION 
The Hokuriku Shinkansen (high-speed) railway connects Nagano Station to Kanazawa Station in 

Ishikawa Prefecture, and has been operating since March 2015 (Fig. 1). This route is one of the new 
Shinkansen lines, and routes of Hokkaido, Tohoku, and Kyushu routes are expected to be gradually 
operational (1). In this way, the Shinkansen railway has begun to operate across Japan, and the impact 
of its noise and vibration on the living environment of residents along the rail is an important issue. 

The environmental quality standard for Shinkansen super express railway noise was notified in 
1975, and a standard value (peak noise level) was established for each area category type. As more 
than 40 years have passed since the environmental standards were notified, and equivalent noise levels 
have been applied as the standard value of environmental standards for general noise, it is necessary 
to reconsider the appropriate evaluation value for Shinkansen railway noise in Japan. 

The authors conducted a social survey of detached houses located along Toyama and Ishikawa 
Prefectures in November 2016, one year after the Hokuriku Shinkansen railway became operational 
in March 2015 [1]. In May of the following year, a survey was conducted to estimate the noise and 
vibration exposures in the areas along the Shinkansen railway. The Shinkansen railway operates 92 
trips a day, and it does not operate from 24:00 to 6:00 due to restrictions. 

The purpose of this study is to investigate the relationships between noise and vibration exposure 
and community responses. 
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Figure 1 – A Hokuriku Shinkansen railway 

2. ANALIZING THE DATA 

2.1 Social Survey 
The data analyzed in this study were obtained from a social survey conducted in November 2016 

in Ishikawa and Toyama Prefectures of detached houses along the Hokuriku Shinkansen railway (2). 
In survey areas in Ishikawa Prefecture, conventional railways run parallel to the Shinkansen railway 
except for some areas, while in most of the survey areas in Toyama Prefecture, the two railways do 
not run parallel (Fig. 2).  

The target houses were all detached houses within 150 m of the Hokuriku Shinkansen railway. If 
there were no houses within 150 m, we targeted the first row of houses up to 210 m away from the 
railway line. In this survey, we decided to randomly select one respondent from each household by 
asking for the person whose birthday was closest to the designated date set. In addition, the subject 
of the questionnaire survey was living environment, and it was not presented as a survey on noise and 
vibration in particular. The survey included 43 question items on housing, regional environment, 
transportation, lifestyle, and personal factors. The questions on noise and vibration were prepared 
both as per 5-point verbal scale and 0 to 10-point numeric scale, following the guidelines and 
recommendations of the ICBEN Team 6 (3). 

A total of 1,022 people responded to the questionnaire, and response rate was 51.6%. The 
respondents were predominantly male (56%), the same value as in the previous survey (4), and 90% 
of the respondents were over 40 years old (Table 1). This result reflects the dominant demographic of 
people living in detached houses in regional towns and cities in Japan. We used the WNS-6B scale (5) 
in the survey to judge sensitivity to noise. A cut-off point of 4/5 on the WNS-6B scale was used. 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 2 – Rout of Hokuriku Shinkansen and Area of Social Survey 
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2.2 Estimation of Noise and Vibration Exposure 
The Hokuriku Shinkansen railway has the maximum speed of 260 km/h, and the survey area has 

an elevated railway structure.  
Noise and vibration measurements were conducted to estimate the noise and vibration exposures 

for the target houses. The noise exposure levels for the target houses were estimated by the prediction 
method of Nagakura et al. (6), and the predicted values were adjusted according to the values measured 
at 25 m. Vibration Levels, defined in a Japanese industrial standard with a reference acceleration of 
10-5 m/s2, were estimated by the distance attenuation prediction equations obtained from the measured 
value. The surveys were conducted in May 2017 at representative locations of each area, which were 
then classified into the eleven areas along the route in Ishikawa and Toyama Prefectures in 
consideration of the height of the structure and train speed. In each area, measurement points were 
provided in the range of 12.5 m to 100 m with reference to the close orbit center, and sound level 
meters (RION NL-31, 32, 42 and 62) and vibration level meters (RION VM-53 and NM-55) were used 
at each measurement point. Both exposure levels are outdoor levels of the target housing closest to 
the rail track.  

Figure 3 shows the relation between noise and Vibration Levels. The X-axis is the mean of the 
maximum noise level measured in Slow dynamic characteristic (left), the day-evening-night 
equivalent sound level, and the Y-axis is the ground Vibration Level of the vertical direction. The 
range of Vibration Level was 30 to 60 dB, and the range of noise level was 60 to 75 dB LA,Smax and 
44 to 55dB Lden in the survey area. There were 114 houses with Vibration Levels above 50 dB and 209 
houses with noise levels above 70 dB. Table 2 shows the number of the samples sorted in the estimated 
noise levels and the existence of conventional railway in the residential area. The Hokuriku 
Shinkansen railway is presently operating from Tokyo to Kanazawa Station. Therefore, the area to the 
west of Kanazawa Station runs only conventional railways, and the number of respondents in the area 
is 95.  
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Table 1 – Demographic attribute 

Age 

Gender (n (%)) Family 

size (n (%)) 

Sensitivity 

WNS-6B (n (%)) Male Female Total 

10s 

20s 

30s 

40s 

50s 

60s 

70s or more 

 

 

Total 

4 (0.4) 

14 (1.4) 

21 (2.1) 

60 (5.9) 

100 (9.9) 

185 (18.2) 

187 (18.4) 

 

 

571 (56.3) 

6 (0.6) 

12 (1.2) 

19 (1.9) 

64 (6.3) 

91 (9.0) 

157 (15.5) 

94 (9.3) 

 

 

443 (43.7) 

10 (1.0) 

26 (2.6) 

40 (3.9) 

124 (12.2) 

191 (18.8) 

342 (33.7) 

281 (27.7) 

 

 

1014 (100) 

one 

two 

three 

four 

five 

six 

seven 

eight 

nine 

Total 

116 (11.5) 

341 (33.8) 

240 (23.8) 

180 (17.8) 

75 (7.4) 

36 (3.6) 

16 (1.6) 

5 (0.5) 

1 (0.1) 

1,010 (100) 

0 

1 

2 

3 

4 

5 

6 

 

 

Total 

42 (4.2) 

44(4.4) 

116(11.6) 

150(15.1) 

209(21.0) 

242(24.3) 

193(19.4) 

 

 

996 (100) 
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Figure 3 – Relationship between noise levels and Vibration Levels 

3. ANALYSIS 

3.1 Relationships between community response and exposure 
Figures 4 and 5 show the relationships between community responses and noise or vibration 

exposure levels. This paper defined the ratio of respondents who chose either of the top two categories 
in the 5-point verbal scale: % highly annoyed (7) and % highly disturbed.  

Noise annoyance in the vicinity of a conventional railway (Conv) area evoked almost a constant 
response to the increase of LA,Smax and Lden, and the noise annoyance was high in the area where the 
Vibration Level was high. Further, the response of the area where the conventional railway does not 
run parallel (NC) to the Shinkansen railway in the range of 63-71 dB is much higher than that of Conv 
area. Thus, the result that the noise annoyance was greater in the area where the ground Vibration 
Level was high is similar to the results for Gidlöf-Gunnarsson et al. (8) and Yokoshima et al. (9). The 
result also shows that vibration annoyance was greater in the high noise level residential areas. In 
particular, the response in the range of 67-71 dB LA,Smax was high, and the vibration annoyance also 
tended to increase as the Vibration Level increased. Table 3 shows the multiple regression analysis of 
noise annoyance. This analysis was used by IBM SPSS Statistics 25. These models were included age, 
gender, family size and noise sensitivity (WNS-6B) as adjusted valuables. Both LA,Smax and Lden ware 
significant. Odds ratio of noise annoyance in the area with a conventional railway was significantly 
higher than that of without conventional railway. The vibration factor divided at 50 dB of Vibration 
Level was not significant.  

Figure 5 shows the results of activity disturbances. Conversation and reading disturbances were 
low within this noise level range. For the TV/radio listening disturbance, the response in NC area and 
high Vibration Level areas was slightly high, and 38% were highly disturbed in the range of 48-51 dB 
Lden. The thinking disturbance was low in Conv area, and did not depend on Lden, but the response in 

NC area was slightly higher. The complaints that the windows cannot be opened because of noise and 
the rattling in NC area were higher than that in Conv area. In particular, the response rates of rattling 

Table 2 – Sample sizes divided by noise level 

LA,Smax 

[dB] 

CR 

Total 

Lden 

[dB] 

CR 

Total 

Lnight 

[dB] 

CR  

with without with without with without Total 

west 95 - 95 west 95 - 95 west 95 - 95 

60-63 8 31 39 44-48 47 127 174 33-36 116 17 133 

63-67 137 127 264 48-51 191 177 368 36-38 341 66 407 

67-71 351 161 512 51-54 289 21 310 38-41 138 249 387 

71-74 99 13 112 50 < 68 7 75     

Total 690 332 1,022 Total 690 332 1,022 Total 690 332 1,022 
CR: conventional railway, west: west area of Kanazawa Station 
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Figure 4 – Exposure-response relationships due to noise or vibration annoyance 
(Conv: with a conventional railway, NC: without conventional railways) 
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in the range of 48-51 dB Lden in NC area and large vibrations in residential areas were considerably 
high. Falling asleep disturbance in NC area was rather high in the range of 36-41 dB Lnight; and in 
addition, the response to Vibration Level of over 50 dB more was even higher. As for being awakened 
in the same noise level section, the response tended to be smaller than the falling asleep disturbance. 
The fact that the service does not operate between 24:00 and 6:00 may influence being awakened a 
little. Further research is necessary because the sound generated by the rattling due to vibration may 
affect the listening disturbance. 

3.2 Evaluation of Quietness, Satisfaction, and Preference for a residential area 
This section presents the results of multiple logistic regression analysis for Quietness around the 

house, Satisfaction with the house and Preference for a residential area. These factors were evaluated 
on a 5-point verbal scale and were divided into two categories (1: 4 and 5, 0: 1-3) for the analysis. 
Table 4 shows the results of the analysis. Age, gender, family size, noise sensitivity, Lden and ground 
Vibration Level were included as explanatory variables. Noise and Vibration Levels were changed to 
the nominal scale. All these models were confirmed to be statistically significant by the Hosmer-
Lemeshow test.  

This analysis was based on the evaluation of under 50 dB Lden in the area with a conventional 
railway area (existence area). The evaluation of quietness in areas without conventional railway area 
(none area) was significant at >50 dB Lden (OR = 2.524, 95% CI: 1.334, 4.777). The factor of Lvz (1: 
>50dB) included in this model were also significant, and sound generated by vibration such as rattling 
may have affected quietness. The satisfaction of respondents living in none area were significant for 
both ≤50dB Lden (OR = 2.610, 95% CI: 1.195, 5.701) and >50 dB Lden (OR = 3.198, 95% CI: 1.318, 
7.759). On the other hand, the evaluation of preference for a residential area did not show a significant 
different between a conventional railway area and a none area. 

4. CONCLUSIONS 
In this study, using the social survey data obtained one year after the Hokuriku Shinkansen railway 

started operating, we presented the exposure-response relationships including a viewpoint regarding 
the existence of conventional railway in residential area and the ground vibration level. 

With regard to noise annoyance, it was shown that a high percentage of highly annoyed respondents 
live in high Vibration Level areas and areas that do not have conventional railways. Although not to 
the same degree as noise annoyance, similar trends were observed in activity disturbances. Regarding 
the quietness and satisfaction, it was also shown that the existence of conventional railway in 
residential areas impacts those evaluations. In other words, when the Shinkansen railway is opened in 
an area where there is no conventional railway, not only the noise annoyance, but also the evaluation 
of the quietness and satisfaction may be deteriorated in Japan. 

In future research, it is necessary to investigate hierarchical causal models of noise annoyance and 

Table 3 – Results of multiple regression analysis for noise annoyance 

   95% CI   
 95% CI  

  OR lower upper p value  OR lower upper p value 

Noise exposure LA,Smax 1.205 1.112 1.305 <0.0001 Lden 1.542 1.059 1.259 0.001 

Conventional 

railway 

without 1   
 without 1   

 

with 6.970 4.689 10.361 <0.0001 with 7.558 4.840 11.804 <0.0001 

Lvz ≤50dB 1   
 ≤50dB 1   

 

 >50dB 0.986 0.504 1.929 0.986 >50dB 1.298 0.676 2.489 0.433 

CR* Lvz  0.970 0.898 7.747 2.637  2.573 0.878 7.544 0.085 

Constant  5.6E-07   
  1.1E-04   

 

OR: Odds ratio, 95% CI: 95 % Confidence interval, CR: Conventional railway 
Adjusted variables: Age, Gender, Family size, Noise sensitivity (5), Lvz (1: >50dB) 
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housing satisfaction, and to understand the extent to which noise and vibration affect community 
responses. 

      

      

      

      
Figure 5 – Exposure-response relationships due to activity disturbances 
(Conv: with a conventional railway, NC: without conventional railways) 
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Table 4 – Odds ratio and 95 % Confidence interval for the evaluation of house and residential area 

  (a) Quietness (b) Satisfaction 

   95% CI   95% CI  

  OR lower upper p value OR lower upper p value 

Conventional railway: exist         
Lden ≤50dB 1 - -  1 - -  

 >50dB 1.260 0.747 2.123 n.s. 1.707 0.797 3.656 n.s. 

Conventional railway: none         
Lden ≤50dB 1.221 0.695 2.143 n.s. 2.610 1.195 5.701 0.016 

 >50dB 2.524 1.334 4.777 0.004 3.198 1.318 7.759 0.010 

  (c) Preference for a residential area     

Conventional railway: exist         

Lden ≤50dB 1 - -      

 >50dB 1.377 0.369 5.135 n.s.     

Conventional railway: none         

Lden ≤50dB 3.362 0.927 12.190 n.s.     

 >50dB 2.485 0.533 11.578 n.s.     

Quietness and Satisfaction; 1: bad or extremely bad, Preference for a residential area; 1: dislike or dislike 
very much 
OR: Odds ratio, 95% CI: 95 % Confidence interval, n.s.: not significant 
Adjusted variables: Age, Gender, Family size, Noise sensitivity (5), Lvz (1: >50dB) 
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effects 
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ABSTRACT 
Nocturnal noise exposure may affect the sleep of men and women differently. However, evidence remains 
limited, especially for non-restorative sleep (NRS). Therefore, this study aimed to assess the moderating 
effect of gender on the effect of nocturnal noise exposure on NRS. This was a household survey of Chinese 
adults. Participants completed the Chinese Non-restorative Sleep Scale (NRSS), standardized on a 0-100 
scale, with a higher score indicating less NRS. Nocturnal noise level was measured by a dosimeter for one 
week. We recruited 90 subjects (58% female) with average age 37.0 years (range: 18-65). The mean nocturnal 
noise level was 55.5dBA (SD: 5.5dBA). The mean NRSS domain scores were 57.3 (SD: 17.6) for 
Refreshment from sleep, 67.0 (SD: 16.7) for Physical/Mental symptoms, 60.5 (SD: 15.4) for Daytime 
function, and 62.6 (SD: 21.6) for Affective symptoms. The gender-by-nocturnal noise exposure interaction 
was significant (p=0.043) for the Refreshment from sleep domain. The influence of nocturnal noise exposure 
on Refreshment from sleep was more profound in women (-1.00, 95% CI: -1.87 to -0.13) than in men (0.22, 
95% CI: -0.57 to 1.01). Women may be more vulnerable than men to the adverse impact of nocturnal noise 
exposure on NRS. 
 
Keywords: Gender, Noise, Non-restorative sleep 

1. INTRODUCTION 
Noise is often referred to as unwanted sound. The World Health Organization (WHO) has reported 

that at least one million healthy years of life are lost in Europe each year due to excess exposure to 
noise (1). The hypothesized pathways of the non-auditory impact of excess noise exposure on health 
can be both direct and indirect (2). Noise may directly affect our autonomic nervous system (ANS), 
the reticular nervous system, as well as the cortical and subcortical brain centers. Alternatively, noise 
may also make influences via annoyance that causes stress hormones resulting in pathophysiological 
changes. Hence, excess noise exposure may result in various health problems including sleep. 

Nonrestorative sleep (NRS) refers to the degree one feels unrefreshed upon waking up even after 
adequate sleep. It is a defining symptom of insomnia, but it may not be co-morbid with other sleep-
related disturbances. Prolonged NRS may lead to the feeling of fatigue during day-time, chronic 
illnesses, impaired psychological well-being, and even suicidal thought (3). Hence, it has gained much 
attention as a treatment target. NRS was most previously assessed by a single item, but it can now be 
assessed using the standardized 12-item Nonrestorative Sleep Scale (NRSS) that is available in both 
English and Traditional Chinese versions (4, 5).  

The effect of environmental noise exposure on NRS has not been well studied. The literature has 
so far reported people who have lower tolerance to noise have more NRS (3). Efforts have been made 
to determine moderating factors on the health impacts of environmental noise, including gender. For 
cardiovascular diseases, there is some evidence showing men are more affected by noise than women 
but more evidence is needed (6, 7). For sleep or NRS, there is less work as yet on the potential role 
of gender on the impact of noise. In view of this, the European Network of Noise and Health (ENNAH) 
recommended more studies on identifying vulnerable groups, e.g. gender, to the effects of noise on 
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health (6).  
Despite gender being considered as an important confounder when assessing noise effects on sleep 

problems (8), its moderating role on NRS has not been examined. Therefore, this study aimed to assess 
the moderating role of gender on the association between nocturnal noise exposure and NRS in 
Chinese adults. 

2. METHODS 

2.1 Design 
 This was a household survey of Chinese adults in Hong Kong. The study protocol and consent 

form were approved by the Institutional Review Board of the University of Hong Kong/Hospital 
Authority Hong Kong West Cluster (Reference Number: UW 17-011).  

2.2 Subjects 
Individuals aged 18 or above who could read and understand Chinese were recruited. Those who 

were deaf, needed hearing aids, took sleeping pills or other medications for sleep disorders, were 
pregnant, had psychiatric illness, or had children under 2 years of age were excluded.  

We used a representative sampling frame in Hong Kong to randomly identify residential addresses 
for conducting the household visits. In each household visit, at most one eligible subject was identified. 
Each eligible subject was explained of study details and written consent was obtained before study 
participation. 

2.3 Measurements 
The participants self-completed a battery of questionnaires that included demographics, the 12-

item Chinese Non-restorative Sleep Scale (NRSS), the Hospital Anxiety and Depression Scale 
(HADS) - Depression, and the 10-item Chinese Perceived Stress Scale (PSS). The Chinese NRSS was 
shown to be reliable and valid for assessing NRS in the Chinese population (5). It comprises a global 
scale and the four domains: refreshment from sleep, the physical/medical symptoms of NRS, daytime 
functioning, and affective symptoms of NRS. They were scored on the 0-100 scale, and a high score 
indicated less NRS. The Chinese PSS has been shown to have good validity and reliability in 
individuals aged 10 or above (9). 

Nocturnal noise level was also measured by asking each participant to place a dosimeter (Spark 
706RC, Larson Davis Inc, US) near their bed for one week.  

2.4 Statistical Analysis 
 We conducted multiple linear regression analysis of the domains of the NRSS on nocturnal noise, 

age, gender, depression and stress, as well as the noise by gender interaction. The interaction term 
was used to assess the moderating effects of gender on the influence of nocturnal noise on NRS. When 
an interaction term was insignificant, the interaction term was removed from the regression model 
before the effect of nocturnal noise was reported. Adequacy of all models was assessed by examining 
the normal probability plot of residuals and the scatter plot of residuals against predicted values. All 
estimates were accompanied by 95% confidence intervals (CIs) and 5% nominal level of significance 
was used in all significance tests. The R package was used for the statistical analysis.   

3. RESULTS 

3.1 Sample Characteristics 
A total of 90 eligible Chinese adults were recruited and completed the assessments. Their 

demographics are summarized in Table 1. There were 52 (58%) female subjects, and the average age 
was 37.0 years (range: 18-65). Table 2 summarizes the nocturnal noise level and NRS experienced by 
the participants.  

3.2 Moderating Effects of Gender 
Table 3 assesses the moderating effect of gender on the influences of nocturnal noise on NRS. The 

gender-by-nocturnal noise exposure interaction was significant (p=0.043) for the Refreshment from 
sleep domain of NRSS. The influence of nocturnal noise exposure on Refreshment from sleep was 
more profound in women (-1.00, 95% CI: -1.87 to -0.13) than in men (0.22, 95% CI: -0.57 to 1.01). 
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There was no significant gender by noise interaction and nocturnal noise effects on other domains of 
NRSS.  
 

Table 1 – Demographic characteristics 

Characteristics 
Female 

(n = 52) 

Male 

(n = 38) 

Total 

(n = 90) 

Age (years), mean 39.5 (SD=13.6) 33.6 (SD=12.4) 37.0 (SD = 13.3) 

Marital status 

Single 

Married/Cohabitation 

Separated/Divorced/Widowed 

24 (46.2%) 

22 (42.3%) 

6 (11.5%) 

27 (71.1%) 

11 (28.9%) 

0 (0%) 

 

51 (56.7%) 

33 (36.6%) 

6 (6.7%) 

Education level 

Primary or below 

Secondary/Diploma/Associate 

degree 

Tertiary or above 

 

2 (3.8%) 

28 (53.8%) 

 

22 (42.3%) 

 

0 (0%) 

12 (31.6%) 

 

26 (68.4%) 

2 (2.2%) 

40 (44.4%) 

 

48 (53.3%) 
 

Table 2 – Nocturnal noise and nonrestorative sleep 

Characteristics 
Female 

(n = 52) 

Male 

(n = 38) 

Total 

(n = 90) 

Nocturnal noise (dBA)  56.0 (SD = 4.8) 54.7 (SD = 6.2) 55.5 (SD = 5.5) 

Nonrestorative sleep (0-100) 

Refreshment from sleep 

Physical/medical symptoms of NRS 

Daytime functioning 

Affective symptoms of NRS 

Global scale 

 

58.3 (SD = 18.5) 

67.4 (SD = 17.1) 

61.4 (SD = 14.7) 

64.9 (SD = 22.6) 

62.9 (SD = 12.7) 

 

55.9 (SD = 16.4) 

66.4 (SD = 16.4) 

59.4 (SD = 16.4) 

59.3 (SD = 20.1) 

60.6 (SD = 11.3) 

 

57.3 (SD = 17.6) 

67.0 (SD = 16.7) 

60.5 (SD = 15.4) 

62.6 (SD = 21.6) 

62.0 (SD = 12.1) 

HADS-Depression (0-21) 5.1 (SD = 3.1) 5.7 (SD = 3.2) 5.4 (SD = 3.2) 

Perceived Stress Scale (0-40)  15.9 (SD = 5.0) 17.9 (SD = 5.0) 16.8 (SD = 5.0) 
 

Table 3 – Impact of nocturnal noise on nonrestorative sleep 

 
Estimated effects for 1dBA increase in 

nocturnal noise (95% CI) 

Moderating effect 

of gender 

Nonrestorative sleep (0-100) Female Male p-value 

Refreshment from sleep -1.00 (-1.87, -0.13) 0.22 (-0.57, 1.01) 0.043 

Physical/medical symptoms of NRS -0.03 (-0.65, 0.59) 0.304 

Daytime functioning 0.01 (-0.52, 0.54) 0.450 

Affective symptoms of NRS 0.32 (-0.42, 1.07) 0.785 

Global scale 0.07 (-0.43, 0.56) 0.471 
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4. DISCUSSION 
This was the first study to assess the moderating effect of gender on NRS. Women reacted more to 

nocturnal noise than men in their feeling of refreshment from sleep. More specifically, increased 
exposure to nocturnal noise reduced the degree of feeling refreshment from sleep in women but no 
effect was found in men. There are also epidemiological studies that show women have a longer sleep 
latency, report more sleepiness, sleep less, and have less non-rapid eye movement (NREM) stages 1 
and 2 sleep than men (10). However, there is some evidence showing women have more slow wave 
sleep than men (11). Slow wave sleep allows our body to restore energy and strengthen the immune 
system. Yet, women had more complaints of sleep disorders than men (10). Moreover, the 
vulnerability of women towards noise is consistent to the hypothesized pathway of the influence of 
noise on ANS. There has been evidence showing that the ANS stress response system in women was 
more sensitive (12), and thus would make women more vulnerable to the impact of noise.  

Several study limitations are worth noting. First, the sample size may preferably be larger to ensure 
adequate power for assessing the interaction effects. Moreover, the nocturnal noise effect on affective 
symptoms of NRS may be potentially significant should the sample size be larger. Second, we only 
assessed nocturnal noise exposure for at most one week. Longer-term assessment for better 
representativeness of noise exposure and its associated longer-term effect on NRS is desirable.  

5. CONCLUSIONS 
Women were more vulnerable than men to the adverse impact of nocturnal noise exposure on NRS. 

There has been research on the gender differences in sleep, but more epidemiological studies remain 
necessary to develop improved care for both men and women. 
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Abstract
Changes in finger pulse wave amplitude (FPWA) are a sensitive marker of autonomic and electro-encephalographic
(EEG) activation responses evoked by relatively high level acoustic stimuli presented during sleep. FPWA re-
sponses could therefore be a particularly useful marker of physiological activation responses and sleep fragmen-
tation caused by environmental noise during sleep. In this study we explored the FPWA response evoked by
ecologically relevant environmental noise exposures at moderate sound pressure levels (SPLs) up to 48 dB(A)
during sleep. Twenty-three healthy participants took part in two noise exposure nights in a sleep laboratory,
separated by a recovery week. We found a significant increase in FPWA response occurrence probability af-
ter noise onset at levels down to 33 dB(A). The size of evoked FPWA responses was small and similar to the
size of spontaneous responses irrespective of noise level. These data support that FPWA responses are a sensi-
tive marker of physiological disturbances to environmental noise during sleep, although the physiological and
potential clinical significance of frequent autonomic activation responses remains to be determined.

Keywords: Arousal, pulse wave amplitude, environmental noise disturbance, effects of noise

1 INTRODUCTION
Environmental noise has the potential to delay, reduce and fragment sleep via increased wake time, more fre-

quent awakenings and micro-arousals. This can result in impaired mental and physical functioning and well-

being [1]. Standard measures of sleep disturbance rely on traditional sleep scoring criteria. These use 30–second

data epochs to classify sleep stages, and simple counts of full-awakenings and more frequent shorter transient

micro-arousal events visible in the electro-encephalogram (EEG) [2]. Brief arousals fragment sleep and degrade

sleep quality, contributing to subsequent daytime sleepiness [5]. However, EEG based criteria reflect only high-

level cortical activation responses in a hierarchy of autonomic sensory and physiological activation processes

responsive to sensory disturbances throughout sleep. These reflect brainstem sensory and reflex processes that

regulate breathing and cardiovascular activity in response to disturbances that may arise during sleep and re-

quire rapid re-engagement of high cardio-metabolic and brain activity. Amongst the most prominent of these

reflexes is a powerful peripheral vasoconstriction response, which is the main element of a blood pressure surge

that accompanies arousals from sleep. This response can very rapidly shunt blood to the heart, lungs, brain

and activated muscles most needed for coordinated survival responses. This blood shunt can be easily detected

from a transient reduction in finger photoplethysmogram pulse wave amplitude (FPWA) and be evoked by a

stimuli such as noise [7]. Thus, FPWA is potentially a very useful marker of autonomic activation responses

to sensory disturbances, and may be a more sensitive marker of physiological sleep disruption than traditionally

scored EEG arousals. However, previous research investigating FPWA responses to acoustic stimuli used either

pure tones [4] or environmental noise [6] at relatively high sound pressure levels (SPLs) with respect to World

Health Organisation’s maximum recommended night-time indoor SPL of 45 dB(A) [8]. Therefore, the aim of

this pilot study was to investigate FPWA responses to environmental noise at more realistic night-time levels of

noise exposure during sleep.
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2 METHODOLOGY
2.1 Participants and experimental conditions
Twenty-four healthy participants (11 males, mean (M) = 26.5 years, standard deviation (SD) = 16.4, age range:

18-70, 13 females, M = 21.7 years, SD = 1.2, age range: 19-23) were recruited for a two-night double-

blind, randomized and counter-balanced protocol. The study was approved by the Flinders University Social

and Behavioural Research Ethics Committee (SBREC) and all participants provided informed written consent.

Participants were recruited from the general population via social media and posters placed on University notice

boards, and were eligible for participation if they self-reported good health, and sleep of adequate quality and

quantity as measured by the Insomnia Severity Index, Epworth Sleepiness Scale and Pittsburgh Sleep Quality

Index.

Auditory acuity was assessed by an audiologist using a manual threshold determination test to confirm partic-

ipants’ normal hearing at frequencies between 125–8000 Hz. Eligible participants were invited to attend two

overnight laboratory sleep studies spaced one week apart to allow sleep recovery, and provided with a sleep

diary and watch-size activity monitor to confirm normal sleeping patterns in the week prior to the overnight

in-laboratory studies. Participants’ self-determined habitual lights out and wake-up times were obtained by av-

eraging sleep diary responses across all days reported. In the morning after each laboratory study, participants

also responded to self-report questions assessing the perception of their sleep in the laboratory.

2.2 Sleep and FPWA measurement
During each study night, participants were set-up with polysomnography (PSG) electrodes to record electroen-

cephalograms (EEG; F3, F4, C3, C4, Cz, O1 and O2), electro-oculograms (EOG; E1 and E2), chin elec-

tromyogram (EMG), leg movements, the electrocardiogram (ECG), respiratory signals (nasal cannula pressure

and thermistor, and chest and abdominal motion) and pulse-oximetry recordings. These signals were recorded

using Compumedics GRAEL v2 (Abbotsford, Vic, Australia) data acquisition system at a sampling rate between

256 Hz (pulse-oximetry) and 512 Hz (EEG, EOG, EMG, ECG). These data were subsequently used for sleep

staging and arousal scoring. To synchronise sleep and acoustic systems, a trigger signal for noise delivery in-

dication was recorded using National Instruments 9234 module at a sampling rate of 8192 Hz on the acoustic

system and the maximum DC input channel recording rate of 64 Hz on the Grael system.

2.3 Noise intervention
A battery of block-randomised noise stimuli were presented at least 5 minutes into established stage 2 sleep at

the start of the protocol and after at least 1 minute of stage 2 sleep on any subsequent return to sleep after

an awakening (>15 sec arousal). One night consisted of 20 second noise stimuli (N20) and the other used 180

second stimuli (N180). During both nights there was a 20 second pause between consecutive noise deliveries.

The N20 noise battery was played at overall SPLs of 33–48 dB(A) in 3 dB increments giving 6 distinct levels

and included wind farm noise with amplitude modulation (WFN AM), wind farm noise without amplitude

modulation (WFN NoAM), wind farm noise with amplitude modulation and mid- to high-frequency content

(Swish), traffic noise recorded next to a road (TN short-range) and traffic noise recorded inside a suburban

house in a room with an open window (TN long-range). The N180 noise battery contained 33, 38 and 43

dB(A) levels of TFN short-range and WFN AM. Both nights also contained a background noise only condition

at 23 dB(A) as a baseline control exposure.

2.4 FPWA response detection algorithm
An algorithm was developed in the MATLAB programming language to detect and characterise FPWA re-

sponses. The FPWA response is characterised by a distinguishable rapid drop, over a few seconds, from the

preceding baseline followed by a more gradual return back to baseline over 10–30 seconds. The main response

feature calculated was the area under the curve (AUC) from baseline in arbitrary units (au; given that the photo-
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plethysmogram provides an un-calibrated light absorbance signal) in order to quantify both response magnitude

and duration within a single summary measure. Any FPWA response curve associated with a characteristic rapid

drop followed by a more gradual return to baseline and an AUC exceeding 200 au before the return to baseline

was classified as a vasoconstriction response. This is an arbitrary cut-off.

2.5 Statistical analysis
Cumulative event rate curves for each SPL were estimated using the Kaplan–Meier product-limit method. The

overall cumulative risk was compared between noise samples at the various SPLs and the control using a

two-sided log-rank test. The hazard ratios and confidence intervals for SPLs, relative to the control group,

were estimated with the use of a Cox proportional hazards model. Cumulative event rates at fixed time points

(landmark points) and log-transformed 95% confidence interval were derived from the Kaplan–Meier estimates.

The landmark point at 5 seconds (LM5) was chosen based on visual inspection of the cumulative event curves

which showed a clear rate change at that time. The analysis was performed over 40 and 200 seconds-long time

windows for N20 and N180, respectively, which is in accordance with the length of noise samples and pause

between the noise deliveries on each night. FPWA response events were censored if they occurred after 40 or

200 seconds from the onset and if the FPWA response size was less than 200 au. Linear Mixed Model analysis

was used to examine whether chronological night and noise duration (20-sec vs. 3-min) had an overall effect

on sleep efficiency (i.e., total sleep time/total time in bed, expressed as percentage) and subjective sleep quality.

The data are presented as mean ± SEM and 95% confidence limits. A value of P <= 0.05 was considered

statistically significant.

3 RESULTS
3.1 Sleep architecture
No significant interaction effects of chronological night and noise sample duration (F(1, 42) = 0.23, P = 0.633),

and no significant main effects of chronological night or noise duration (F(1, 42) = 2.48, P = 0.123 and F(1,42)

= 1.05, P = 0.311), were observed. Young adults aged 20 – 30 years (i.e., analogous to the present study’s

sample) in the general population have a sleep efficiency of 85 – 95%, suggesting that sleep in the present

study was comparatively normal, albeit on the lower end of the range. Subjective sleep quality ratings reflected

“fair” sleep, which was “a little worse than usual”. These results suggest that participants who were specifically

selected as good sleepers for this study, exhibited generally good sleep quality that was perhaps somewhat

reduced in the laboratory and noise exposure context.

3.2 Number of noise presentations
Tables 1 and 2 show the number of delivered noise samples during stage 2 sleep for N20 and N180, respectively.

The distribution of noise types at various levels is fairly even for nights with overall more noise samples being

delivered during N20 due to the shorter noise samples.

Table 2. Number of noise and control deliveries for N180.

SPL, dBA

23 33 38 43

Background noise (Control) 70

TN short-range 62 68 65

WFN AM 64 63 65
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Table 1. Number of noise and control deliveries for N20.

SPL, dBA

23 33 36 39 42 45 48

Background noise (Control) 110

Swish 102 110 107 122 118 116

TN short-range 113 103 103 107 102 98

TN long-range 120 121 106 113 107 110

WFN AM 115 121 104 107 110 110

WFN noAM 107 118 108 119 117 120

3.3 FPWA response probability
These results are presented using a Kaplan-Meier cumulative incidence curves which show the cumulative prob-

ability of FPWA response occurrence as a function of time. A vertical increase in these curves indicates event

occurrence and furthermore the curves can never decrease as the cumulative number of occurred events can

only remain stable or increase over time. The vertical tick lines on the curves indicate censored events which

in this case are FPWA responses smaller than 200 au. At time zero, the cumulative incidence is zero as no

event has occurred yet and reaches 1 at some time >0 if all events have occurred. Cumulative incidence curves

are accompanied by risk tables with the information about the number of events at risk at selected time points.

Number of events at risk decreases with increasing time and eventually reaches 0 (at which point the cumulative

incidence curve would then reach 1) if the time window is sufficiently long.

Figure 1 shows the cumulative incidence of FPWA responses for SPLs and control over N180. The control curve

shows a steady near constant rate of rise likely reflecting quite frequent spontaneous FPWA response occurrence

in the absence of noise. For the FPWA responses evoked by noise, the incidence rate increased rapidly in the

first 5 seconds from noise onset and then abruptly returned to the spontaneous rate. This strongly supports that

evoked FPWA responses occur shortly after the noise onset, and is consistent with previous observations [4].

At LM5, the evoked FPWA responses were 2–3 times, and statistically significantly, more likely to occur as in

the control group for 33, 38 and 43 dB(A), respectively.

Similar trends were also observed for N20 and are shown in Figure 2. However, for N20 only the 48 dB(A)

level was different from the control condition, although there was a strong trend for a difference with 45 dB(A).

To investigate for potential habituation of repeated brief noise exposures or time of night effects on N20, the

FPWA responses were divided in half by the median of their time occurrences across the night as measured

from the first noise delivery. Figure 3 shows cumulative incidence curves for two halves of all FPWA response

occurrences across the night. In the first half of all response occurrences shown in Figure 3A, all SPLs above

40 dB(A) were significantly different from the control condition. However, in the second half of all noise

exposures across the night only the loudest noise evoked a FPWA response above the spontaneous rate (Figure

3).

Figure 4 shows group-averaged FPWA responses for N20 and N180 in sub-figures A and B, respectively. Av-

eraging was done over all responses that occurred within 5 seconds from the noise onset to capture evoked

responses. The responses were aligned along their onsets as identified by the algorithm. The maximum drops

or the size of the responses are similar among different levels and control.

4 DISCUSSION AND CONCUSSIONS
This paper reports an exploratory analysis of FPWA responses evoked by realistic levels of environmental noise

during sleep. This response was observed at all sound pressure levels at variable rates of occurrence, depending

on the SPL and duration. During protocols with shorter 20-sec noise exposures only 45 and 48 dB(A) SPLs
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Figure 1. Cumulative event incidence rate curves for FPWA during N180 with the landmark point (LM5) at 5

seconds during stage 2 sleep and 95% CI denoted by shaded areas. The hazard ratio (HR) is evaluated with

respect to the control.

consistently exceeded the spontaneous rate of FPWA response occurrence. Despite fewer presentations with

longer 180-sec noise exposures all SPLs examined, including 33 dB(A), exceeded the spontaneous rate. Given

strong evidence for reduced incidence rate in the second compared to the first half of all exposures on the

N20 night these effects are strongly suggestive of important habituation or perhaps sensory fatigue effects with

repeated short noise exposures.

Noise duration had no effect on either the time of occurrence or response magnitude of the FPWA response.

A sharp rise was evident in cumulative incidence curves shortly after noise onset irrespective of noise duration.

These findings strongly suggest that FPWA responses are governed by noise onset effects (i.e., sudden change

in SPL) rather than exposure length, and elicit a probabilistic “all-or-none” reflex response largely independent

of SPL above background in the 33–48 dB(A) range examined in this study. Noise frequency content had no

significant effect on FPWA responses (results not shown) somewhat contrary to previous findings [6]. However,

SPL variations within noise samples (such as amplitude modulation (AM) in wind farm noise) in our study

were <12 dB while previous studies [6] used noise with up to 40 dB in SPL variations.
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Figure 2. Cumulative incidence rate curves for FPWA during N20 with the landmark point at 5 seconds (LM5)

during stage 2 sleep and 95% CI denoted by shaded areas. The hazard ratio (HR) is evaluated with respect to

the control. Statistics are shown only for levels showing statistically significant differences or a strong trend for

a difference.

The lack of FPWA responses at lower SPLs observed during N20 may reflect habituation of peripheral vasocon-

striction system responses to brief noise exposures. Thus, it is plausible that habituation effects were reduced

during N180 at 33 dB(A) since the total number of responses is approximately 3–4 times less than during N20

(see risk tables in Figures 1 and 2). Apart from habituation, sleep architecture and different SPLs between N20

and N180 and carry-over effects could also contribute towards observed differences. Sleep architecture varies

across the night such that deep sleep is predominant in the first half of the night where cortical arousal re-

sponses are much less likely suggesting that brainstem sensory information transmission to higher cortical levels

in the brain is more strongly gated to protect sleep in deep sleep. Given that deep sleep reduces and REM

sleep increases during the course of the night changing sensory gating effects might have contributed to time-

of-night effects. Whilst we controlled for sleep stage effects by only examining noise presentations within stage

2 sleep, this does not rule out time-dependent sensory processing changes not captured by traditional sleep

scoring. Further studies would be useful to examine stage and potential habituation or sensory fatigue effects in
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A B

Figure 3. Cumulative incidence rate curves for FPWA response during N20 with the landmark point at 5

seconds (LM5) for all FPWA responses divided in half by the median of their occurrence time across the night.

A) shows responses occurring from the first noise onset up until the median and B) shows responses occurring

from the median onwards until the last noise onset of the night. Hazard ratios (HR) evaluated with respect to

the control are only shown for where there were significant effects. Shaded areas indicate 95% CI.

more detail.

The absence of any differences in FPWA response magnitude with different SPLs and duration is consistent with

a remarkably sensitive all-or-none cardiovascular reflex response to small noise disturbances. The overall drop in

FPWA was approx. 20% from the baseline, consistent with previous observations [4]. This response is relatively

small in comparison to a response proceeding an awakening or a response to a loud tone (>80 dB(A)), which

can cause up to a 60% reduction in FPWA magnitude [4]. Thus, although we found no difference in response

magnitude between noise types (results not shown) the strength of peripheral vasoconstriction responses does

may only be important when stimulus intensity is sufficiently high (>48 dB(A)). Given these observations,

the effects of other noise features on FPWA response magnitude in the higher range of sound pressure levels

relevant to environmental noise exposures also warrants further investigation. The physiological and clinical

significance of frequent cardiovascular activation responses is yet to be determined and clearly warrants further

research.
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Abstract
Understanding how people are affected by noise on an individual level can improve our understanding off the
non-auditory effects of noise on public health. In my research I work towards a perception based noise dosimetry
using mobile ear centered electroencephalography (EEG). We have shown in the past that we can study auditory
perception and auditory attention using wireless ear-EEG. For this we combine small, lightweight, wireless
EEG amplifiers, with ear-EEG electrodes and use a smartphone for signal acquisition and signal processing.
This setup allows us to do long term EEG recordings beyond the lab, either at work, at school or at home. Over
extended periods of time we can monitor the perception of sounds/noise on an individual level at those location
the person is exposed to noise. We then relate the EEG to the environmental sounds and to the subjective level of
noise disturbance/annoyance. In a step by step procedure we will move from well-controlled auditory perception
experiments in the lab to the study of environmental noise in everyday situations. This work will advance the
field of mobile ear-centered EEG for long term EEG recordings in everyday life and will provide new insights
on dealing with individual noise exposure.
Keywords: Environmental noise, mobile EEG, ear EEG, noise annoyance

1 INTRODUCTION
Sounds are a rich and important source of information regarding our environment. We are highly sensitive
to auditory signals, we react quicker to auditory than visual information, and we show strong physiological
responses (orienting response, startle reflex, defensive response) to sounds that indicate threats or immediate
danger [1]. In our modern society, we are continuously exposed to sounds that originate from human activities
including transportation, construction, industry, community, social and leisure sources.
Apart from blocking our ears we cannot help but perceive the sounds that surround us, even during sleep.
Unwanted sound, generally referred to as noise, is considered an environmental pollutant with negative auditory
and non-auditory effects on health [2] and hence noise pollution puts human health at risk [3]. The adverse
effects of noise are often discussed in relation to noise-related hearing loss. However, there are non-auditory
health effects that include noise annoyance, cognitive impairment, sleep disturbance and cardiovascular problems.
In these cases, sound acts as an unspecific stressor to the individual with negative effects on biological and
psychological processes. Sounds also interfere directly with various cognitive and motor tasks (for a review see
[4]).
The negative consequences of extensive noise exposure at the workplace are generally acknowledged regarding
noise-related hearing loss. Noise dosimeters monitor noise exposure to comply with regulatory thresholds. Yet,
these measures are not sufficient in the context of non-auditory effects and so it has been difficult to determine,
for example, how cardiovascular problems relate to daily noise exposure. The problem here is that the acoustic
properties of a sound (e.g., the sound pressure level) cannot easily be used to deduce whether a sound is
perceived as disturbing or stressful by an individual. There are large intra- and inter-individual differences in
what is considered as noise and in what is experienced as annoying. What is more important than the SPL
of a sound is the individuals’ interpretation of a sound. In principle, every annoying, unpleasant, unwanted or
disturbing sound independent of its SPL or other features can be experienced as stressful and thereby can have
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negative consequences on the individual well-being. How a sound is perceived therefore depends on individual
listening preferences, cognitive capacity, the activity at hand, and time of exposure: the negative and disturbing
properties of sound become apparent only when accumulated over time. Noise dosimetry that only regards
the sound pressure level is hence not sufficient to understand and measure the non-auditory health effects of
noise. To gain a better understanding of the relation between noise and non-auditory health effects one needs
to consider the underlying perceptual and cognitive processes.

1.1 Perception based noise monitoring
Perception based noise monitoring could help to relate the acoustic environment a person is exposed to, to the
individually perceived noise disturbance. Electroencephalography (EEG) provides an interesting tool to study
the perception of noise at an individual level. Due to its high temporal resolution, EEG has been widely used
to assess the fast neurophysiological processes involved in auditory perception. EEG provides insights into the
conscious and non-conscious perception of sound, into auditory attention and higher cognitive processes related
to sound processing [5]. Instead of relying on the acoustic properties of the sound, we may use EEG to study
how environmental noise is perceived by an individual.
Recent developments in mobile EEG technology even allow brain activity recordings beyond the lab (BTL) in
everyday life. Especially new electrode placement approaches such as ear EEG provide new possibilities to
study brain activity in public without drawing attention of other people towards the participant (as it would be
the case for an EEG cap).
Hence, ear-centered mobile EEG provides the means to study noise perception in everyday situations. This
approach can be instrumental to improve our understanding of the relation of the environmental soundscape –
sound perception – and sound annoyance.
In this concept paper I introduce my approach to study noise perception in everyday life using long term mobile
ear EEG.

2 STUDY NOISE PERCEPTION IN EVERY DAY LIFE USING MOBILE EAR EEG
For a perception based noise dosimetry we have to record brain activity in every day situations. EEG provides
information about how people perceive sounds.
Traditionally EEG is recorded under well controlled laboratory conditions. A person sits motionless in a dimly
lit, quite room and is exposed repeatedly to specific stimuli. The person is equipped with an electrode cap.
Setting up an EEG cap can take up to one hour before the person can start with the experiment. Both, the
used stimuli as well as the entire situation in which the brain activity is recorded are very different from those
situations in which a person is normally exposed to noise. It is conceivable that this experimental situation also
influences the way a person reacts to sounds, It is hence not necessarily representative of how people perceive
sound in their familiar environments or during stressful situations.
Mobile EEG provides the possibility to record brain activity beyond the lab. This opens up new possibilities to
study the relationship between brain activity and individual noise perception.
There are three recent key developments in mobile EEG technology that are essential for extended BTL record-
ings: small and lightweight wireless amplifiers, smartphone-based experimentation, including signal processing
and analysis [6], and ear-centered EEG [7, 8].

2.1 Mobile EEG
We have repeatedly demonstrated the feasibility of using wireless EEG hardware for recording EEG during
walking [9], during music performance [10], during language processing [11], and during outdoor memory
formation [12] to name just a few examples. In these studies a small wireless amplifier is attached to the
back of the head. The mobile amplifier can either be used in combination with a classical EEG cap or with
dedicated ear electrodes (see below). The data is transmitted via Bluetooth either to a PC or smartphone (see
below). Besides EEG, mobile amplifiers generally also record information about the movement of the amplifier
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Figure 1. A) Our transparent EEG setup for long term mobile ear EEG recordings. The wireless EEG amplifier,
is connected to electrodes that are positioned around the ear(cEEGrid). The data is transmitted via Bluetooth
to an off the shelf android smartphone. Stimulus presentation is done on the smartphone itself. (B) cEEGrid
electrodes are positioned around the ears, and allow to record brain activity conspicuously in public.

(using accelerometers or gyroscopes). I.e. from this data we get information about the movements of the
participants, which can help in interpreting the EEG data, or in dealing with artifacts.

2.2 Ear-centered EEG
Ear-centered EEG allows registration of brain activity using a small number of EEG sensors located in or
around the ear in a socially more acceptable manner [13]. There is ample evidence that ear-centered EEG al-
lows to record meaningful neural signals [13, 8, 14, 15, 16, 17]. We have developed the so called cEEGrid
(www.cEEGrid.com), a sensor array with ten electrodes that is positioned around the ear [8] (1B ). The elec-
trodes are positioned with a double sided sticker around the ears. The contact between electrode and skin is
provided by a small amount of conductive gel.
With these electrodes we can record for example neural processes related to auditory processing or auditory
attention [8, 14, 18]. Studies using simultaneous recording from cEEGrid (with a wireless EEG amplifier) and
a traditional high-density EEG (using a classical lab amplifier) have confirmed that the signals recorded around
the ear originate from neural sources rather than other physiological processes [7]. We have also shown that
other neural processes such as changes in alpha power [8], sleep stages [7], and epileptic activity [7] can be
captured with the cEEGrid. Finally, we have shown that EEG can be recorded reliably over several hours [7].

2.3 Smartphone based EEG acquisition
Smartphones have been used for data acquisition and stimulus presentation in several projects [8, 12]. We have
developed a closed-loop smartphone-based brain-computer interface prototype, demonstrating that EEG signal
acquisition, stimulus presentation, signal processing, signal classification and classification-dependent feedback
can all be realized together on a single, off-the-shelf smartphone [6]. Other have demonstrated smartphone-
based privacy-aware stereo audio recordings [22]. The combination of this technology can be used to record
EEG and audio simultaneously on a single mobile system, and therefore allows to relate the ongoing EEG with
the current soundscape.

We call the combination of wireless EEG, ear electrodes and smartphones ‘transparent EEG’ [7]. Unlike clas-
sical EEG caps, transparent EEG allows unobtrusive and convenient EEG acquisition of naturally behaving
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individuals in everyday situations without drawing attention of other people. Figure 1 shows the components of
our recording setup.

2.4 Methodological Consideration - Leaving the lab: step by step
The study of EEG in everyday situations poses considerable challenges compared to traditional lab based experi-
mentation. In traditional EEG experiments the goal is to have maximal experimental control over the experiment
and to manipulate only one specific variable to exclusively study the effects of this manipulation. EEG signals
are analyzed in respect to some event (a visual or auditory stimulus). This event is presented multiple times
to the participant. By averaging over multiple repetitions, the brain response that is specific to the processing
of the event emerges from the underlying background noise. In beyond lab recordings this level of control is
not possible any more. We have considerable less control over the participant (i.e. to ensure task compliance)
and we have little to no control over the environment. This makes beyond the lab studies considerably more
complex.
In order to bridge this gap we take a step by step procedure. There is a considerable literature on EEG/ERP
results for a wide variety of cognitive tasks. This knowledge also allows to generate specific hypothesis regard-
ing effects of auditory processing and auditory attention. In order to understand the relation of sound exposure
and sound experience in everyday situations we carefully have to built upon the existing literature to be able to
interpret of mobile ear EEG results. I see five stages:

1. Replicate established paradigms with the limited electrode coverage of ear EEG under lab conditions.

2. Replicate established paradigms beyond the lab.

3. Adapt existing paradigms so that they can be integrated into a workday.

4. Adapt existing paradigms so that they make use of the natural soundscape.

5. Study the relationship of sound experience and sound exposure in everyday situations.

Figure 2 shows the ERP results of an auditory oddball paradigm recorded while the participant was sitting
quietly at an office desk in front of his computer will doing the task.
This approach allows us to start with clear expectations on the resulting ERPs and to relate our BTL findings
to the lab EEG literature.

2.5 Mobile EEG vs. EEG during motion
EEG is notorious for its susceptibility to artifacts. These artifacts can originate from physiological and non-
physiological sources. Physiological artifacts originate for example from shoulder, eye, or mouth movements.
Non-physiological artifacts originate for example from cable or electrode movement, or interference from other
technical devices.
For EEG that is recorded during motion, the artifacts can be so large that the brain signal is not interpretable
anymore (but see also [9] for a successful example). There are a number of signal processing procedures that
allow to attenuate these artifacts [20, 19]. However, especially in those cases in which the motion artifact is
tightly time locked to the event of interest, the data often cannot be recovered. For example, if person always
turns his head towards a new sound, an artifact will always coincide with the neural event of interest. In these
cases it will be very difficult to disentangle the signals.
However, mobile EEG does not necessarily imply that the EEG data is recorded while the participant is moving.
Indeed, when one thinks about a normal work day at the office, there are many periods in which a person is
moving very little. Figure 3 shows the amount of head movement during a lab recording and a recording that
was done in an office environment. For the office recording we see periods with a lot of movements and periods
in which the amount of movement is similar to a lab recording. That is despite of occasional large movements,
in which the EEG data may not be usable, there will be many periods in which the quality will be comparable

3029



-100 0 100 200 300 400 500 600 700 800 900 1000

Time [msec]

-2

-1.5

-1

-0.5

0

0.5

1

1.5

2

2.5

3

3.5

A
m

p
li

tu
d
e 

V

Standard Trials: # 112

Target Trials: # 24

Distractor Trials: # 24

Figure 2. Single subject data of a mobile ear EEG recordings of an participant doing auditory oddball paradigm
at his desk. A sequence of double tones was presented, consisting of a standard tone (blue), which was pre-
sented regularly ( 70% of all presented tones), a pitch deviant (red) target tone (15% of all presented tones),
in response to which the participants had to tap on the screen of the smartphone, and a pitch deviant distractor
tone (yellow, 15% of all presented tones), which required no response. The ERP for the distractor and target
tone shows a N100. For the target tones, which required a overt response, the expected P300 ERP is clearly
visible. Indicated in black are the onsets and duration of the two tones of the stimulus.

to lab recordings.
The advantage of mobile long-term ear EEG is, that evidence can be accumulated over extended periods of
time. Phases in which the signal is strongly contaminated by artifacts can be removed from the analysis, and
sufficient data for an analysis is available.

3 SUMMARY
I propose here that a perception based noise monitoring could help to better understand the relation of envi-
ronmental noise and non-auditory health problems. I argue that long term mobile ear EEG can be instrumental
to relate the objective sound exposure to the subjective sound experience. I have shown that the combination
of wireless EEG amplification, ear-centered electrode positioning and smartphone based stimulus presentation
and data recordings can be used to study auditory attention beyond the lab. The challenge in future studies
will be to relate the naturally existing soundscape a person is exposed to, to the EEG signal. In a step-by-step
procedure we need to translate what we know about auditory perception from lab EEG studies to the study of
noise perception in everyday life.
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Figure 3. Comparison of head movements during an EEG recording in the lab (yellow), and an EEG recording
in an office environment (black). Shown is the head movement of the participant based on the gyroscope of
the mobile amplifier attached to the participants head. During the lab recording (8 minutes) the participant
was asked to move as little as possible. For the office recording no specific instruction was given. One sees
periods of movement (i.e. during which the participant stood up to get coffee (at around 37 minutes) and
periods of relative rest (i.e. during which the participant worked silently at a computer. Apart from a rare
larger movements the amount of movement was comparable to the lab recording (inset). The data quality for
these periods can be expected to be similar to the data quality obtained during a lab recording.
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ABSTRACT 
Environmental noise is ubiquitous in daily life and a major environmental burden, though the effects of 
transportation noise on mental health are sparsely investigated to date. The recently published WHO review 
on the impact of transportation noise on quality of life and mental health shows inconsistent findings. Noise 
annoyance, as an approved psychological stress response to noise, is identified as one of the health impacts of 
environmental noise. There is some evidence that the impact of noise on health is at least partly mediated by 
noise annoyance. A re-analysis of data is conducted using data from the socio-acoustical longitudinal survey 
NORAH (Noise-Related Annoyance, Cognition, and Health), which has been performed mainly at Frankfurt 
Airport, Germany, from 2011 to 2013. Residents older than 18 and living in the 40 dB-noise contour around 
Frankfurt Airport were randomly selected to participate in the study. A telephone and online survey assessing, 
among others, diagnosed depressions and aircraft noise annoyance were conducted once a year/annually. 
Aircraft sound levels were calculated for the exact address of every participant. The present work is an 
approach to examine the causal relationship between noise exposure, noise annoyance and diagnoses of 
depression using structural equation modelling. 
 
Keywords: aircraft noise annoyance, aircraft noise exposure, depression 

1. INTRODUCTION 
Environmental noise has been shown to negatively affect various aspects of human health. Besides 

negative effects of aircraft noise exposure on sleep or cardiovascular diseases (1, 2), there are 
inconsistent findings on the effect of aircraft noise exposure on mental health and well-being (3, 4). 
However, there is evidence for a negative association of noise annoyance due to aircraft traffic and 
health-related mental quality of life (5-6) as well as noise annoyance and depression (7-8). Noise 
annoyance is considered as a three dimensional psychological concept covering cognitive, affective 
and behavioural reactions on noise (9). Further, noise annoyance as a stress reaction is discussed to 
(partly) mediate the influence of aircraft noise on mental health (6). Most of these findings are based 
on cross-sectional studies, not allowing for a causal interpretation.   

The objective of this study is to investigate the causal relationship between aircraft noise, 
diagnosed depression and aircraft noise annoyance. Three research questions have been addressed:  

1) Is there a direct impact of aircraft noise exposure on the prevalence of diagnosed depression?  
2) Is there a mediation effect of aircraft noise annoyance on future diagnosed depression?  
3) In case, aircraft noise exposure affects the prevalence of diagnosed depression, can the 

presence of a depression mediate the impact of aircraft noise exposure on the magnitude of 
future aircraft noise annoyance? 

2. PROCEDURE, METHODS 

2.1 Study design, sampling 
Data from the socio-acoustical longitudinal survey NORAH (Noise-Related Annoyance, Cognition, 

                                                        
1 benz@zeusgmbh.de; schreckenberg@zeusgmbh.de  
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and Health), which was conducted in the vicinity of Frankfurt Airport,  was re-analyzed. The study 
sample was randomly selected from the full-aged population living in the Rhine Main area, 
particularly from people living within the envelope of the 40-dB LpAeq contours for day and night-time 
around Frankfurt Airport, following a stratification plan with two strata. The first stratum was the 
current aircraft noise exposure. The second stratum was the predicted change of aircraft noise 
exposure after the opening of the new runway and the implementation of the night flight ban for 2020 
in relation to the aircraft noise exposure in 2007 (increase in LpAeq,24h > 2 dB, decrease in LpAeq,24h > 2 
dB, change within the range of ± 2 dB). From 2011 to 2013 annually measurements were carried out: 
one before and two after the opening of a new runway and the implementation of a night flight ban. 
Telephone interviews were performed (with the alternative option to participate via an online survey) 
to assess, among others, diagnosed depression and aircraft noise annoyance (for further details see 
(10)). As a new runway was opened and a night-flight ban was implemented at Frankfurt Airport in 
October 2011, the subsequent two years are investigated (2012 and 2013) to study the impact of the 
change in noise exposure.  

2.2 Assessment of aircraft noise exposure 
The aircraft noise exposure was calculated for each participant’s exact address at the most exposed 

façade of the residential building/residency. In this study, aircraft noise was operationalised with the 
Lden, the weighted and averaged day–evening–night noise level for 24 hours. It is composed of the day 
level, which in the present case refers to the time between 6am to 6pm, the evening level which refers 
to 6pm to 10pm and the night level from 10pm to 6am. For the evening and night levels a penalty is 
applied; with 5 dB for the evening and 10 dB for the night level. For this study, the aircraft noise 
exposure was modelled for 12 months from October 2011 to September 2012 for t1 (2012) and from 
October 2012 to September 2013 for the survey wave in 2013 (t2), respectively.   

2.3 Assessment of noise annoyance and diagnosis of depression 
Noise annoyance was measured using the standardised noise annoyance question as recommended 

by the International Commission on the Biological Effects of Noise (11), “Thinking about the last 12 
months, when you are here at home, how much does noise from aircraft bother, disturb, or annoy you?” 
with a 5-point semantic answer scale ranging from (1) ‘not at all’ to (5) ‘extremely’. 
Two items were used to assess life time prevalence and 12-months prevalence of diagnosed depression.  
The first item assessed whether a physician or therapist ever diagnosed a depressive disorder 
(dichotomous item with “yes” and “no”). If yes, it was asked if a depressive disorder was diagnosed in 
the last 12-months.   

2.4 Statistical analysis 
The descriptive analysis of the data includes the calculation of frequency, means, standard 

deviations, and correlations.  The percentage of annoyed people (%A) as well as the prevalence of 
diagnosed depressions have been calculated for 2.5-dB classes of Lden. Further, for each level of noise 
annoyance the share of people diagnosed with depression has been examined. Differences between 
groups (people with a diagnosis of depression vs. no depression) were tested using inference statistical 
tests (Mann-Whitney-U and Chi-Square test).   

Logistic regression models were used to evaluate the effects of aircraft noise exposure and noise 
annoyance on the prevalence of depression for last 12 months. In augmented models the potential 
influence of additional determinants of depression was analysed, including age, sex, migration 
background, period of residence, hours spent out of home, home ownership, socio -economic status, 
noise sensitivity, body mass index (BMI), sports, railway noise exposure (Lden), road noise exposure 
(Lden), alcohol consumption and tobacco consumption.  

Structural equation modelling was carried out to assess the causal relationship between aircraft 
noise exposure, noise annoyance and diagnoses of depression with the statistics software MPLUS 
V.6.11. 

3. RESULTS 

3.1 Descriptive statistics  
A total of 3,508 subjects participated in all three waves of the longitudinal survey from 2011 to 

2013. Cases with missing depression data were excluded from the analysis, thus, the investigated 
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sample included 3,319 residents. The mean age was 53.7 years (SD±14.6; range 19-97 years) with 53% 
being female and 47% male. The average period of residence at the registered address was 26.5 years 
(SD± 18.2). 

Table 1 shows the degree of noise annoyance for each 2.5 dB class of Lden of aircraft noise exposure 
in t1 (2012) and t2 (2013). At both measurement time points, there is an increase in aircraft noise 
annoyance with increasing aircraft noise exposure, while mean noise annoyance in t1 (2012, M = 3.38, 
SD = ±1.30) is higher than in t2 (2013, M = 3.22, SD = ±1.32).   

Table 1 - Aircraft noise annoyance for 2.5 dB classes of Lden 

  aircraft noise annoyance 

2,5 dB classes of 

Lden 

  t1 (2012)   t2 (2013) 

  n M SD   n M SD 

≤ 40 dB   100 2,13 1,05   126 2,13 0,95 

40,1 - 42,5 dB   255 2,36 1,12   309 2,23 1,06 

42,6 - 45,0 dB   407 2,64 1,22   425 2,51 1,18 

45,1 - 47,5 dB   357 2,88 1,17   338 2,84 1,17 

47,6 - 50,0 dB   309 3,30 1,23   338 3,21 1,28 

50,1 - 52,5 dB   369 3,49 1,19   439 3,41 1,24 

52,6 - 55,0 dB   404 3,75 1,17   377 3,63 1,19 

55,1 - 57,5 dB   461 3,86 1,16   442 3,75 1,22 

57,6 - 60,0 dB   416 4,02 1,09   296 3,97 1,13 

> 60 dB   241 4,22 0,93   229 4,05 1,05 

Total   3319 3,38 1,30   3319 3,22 1,32 
Note. n = number of participants; M= mean; SD= standard deviation. 

 
Table 2 shows the life time prevalence of diagnosed depression in t1 (2012) and t2 (2013) for each 2.5 
dB class of aircraft noise exposure. Naturally, absolute numbers of prevalence rise from t1 (2012) to t2 
(2013). Within each study year, there is no continuous rise of prevalence with increasing levels of 
aircraft noise exposure.  

Table 2 - Prevalence of depression for aircraft noise exposure in 2.5 dB classes of Lden 

  

life time prevalence of 

depression 

2,5 dB classes 

of LDEN 

  t1 (2012)   t2 (2013) 

  % n   % n 

≤ 40 dB   1,5 7   2,2 11 

40,1 - 42,5 dB   8,4 38   10,5 52 

42,6 - 45,0 dB   12,8 58   12,9 64 

45,1 - 47,5 dB   11,9 54   11,3 56 

47,6 - 50,0 dB   9,5 43   8,7 43 

50,1 - 52,5 dB   10,6 48   13,7 68 

52,6 - 55,0 dB   10,8 49   11,3 56 

3035



 

 

55,1 - 57,5 dB   14,6 66   14,1 70 

57,6 - 60,0 dB   12,1 55   8,7 43 

> 60 dB   7,7 35   6,8 34 

Total   100 453   100 497 
Note. n = sample size; dB = decibel. 

 
Life time prevalence for depressive disorders diagnosed by a physician or therapist was 13.6% in t1 

(2012), 12 months prevalence was 7.8%. This is comparable to the prevalence rates in the German 
population with 11.6% of life time prevalence and 8.1% for the 12 months prevalence of diagnosed 
depressive disorders (12).  

There was no significant difference in noise exposure from aircraft, road and railway noise between 
the two groups of people with and without diagnosed depression (p > .100). Further, there was no 
significant difference between the two groups for the change of noise exposure from t1 to t2 after the 
opening of the new runway and the implementation of the night flight ban (p > .100). However, the two 
groups differed in the degree of aircraft noise annoyance (p < 0.01), with higher means of aircraft noise 
annoyance for the three survey years in the depression group.  

 Table 3 shows the share of people for levels of aircraft noise annoyance. The share of people rise 
with the intensity/degree of noise annoyance, from (1) not at all to (5) extremely in both study groups 
(people with depression vs. without depression).  
 

Table 3 - Distribution of people with and without life-time depression for levels of aircraft noise annoyance 

    t1 (2012)   t2 (2013) 

    depression healthy   depression healthy 

levels of noise 

annoyance   n % n %   n % n % 

not at all (1)   42 9,3 293 10,3   54 10,9 359 12,8 

slightly (2)   60 13,2 520 18,3   83 16,7 574 20,5 

moderately (3)   92 20,3 609 21,5   99 19,9 610 21,8 

very (4)   114 25,2 751 26,5   129 26,0 694 24,8 

extremely (5)   145 32,0 662 23,4   132 26,6 557 19,9 

Total   453 100 2.835 100   497 100 2.794 100 
Note. n =sample size. 

 

3.2 Logistic regression models for the prediction of diagnoses of depression  
Logistic regression models were used to evaluate the effects of aircraft noise exposure and noise 

annoyance in t1 (2012) on prevalence of depression for the last 12 months in t2 (2013). In augmented 
models we tested the potential improvement of models and the prediction of depression by adding 
possible predictors. Results of logistic regression models are shown in excerpts in table 4.   

In a basic model (model 1), aircraft noise exposure in t1 (2012) was shown to have a significant 
effect on the prevalence of diagnosed depression in t2 (2013; B = -0.02, SE = 0.01, p < .05). In an 
augmented model, potential determinants of depression were included, resulting in a smaller and 
non-significant effect of aircraft noise exposure (B = 0.01, SE = 0.01, p = .26). In model 2, noise 
annoyance was included and a significant predictor of depression (B = -0.20; SE = 0.08, p <.01), 
whereas the noise level remained a non-significant predictor. . Hence, we tested two additional 
models: model 3 as the basic model with noise annoyance as a further predictor and model 4 including 
aircraft noise annoyance and excluding aircraft noise levels. Model 3turned out to better fit than the 
other models (AIC = 1131.7), but not better than the basic model. The best model fit is found in model 
4 with noise annoyance instead of aircraft noise levels (AIC =59.0), with the same effect size of 
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aircraft noise annoyance. This indicates that aircraft noise annoyance is a better predictor for a 
diagnosis of depression than the acoustic variable aircraft noise level.   
 

Table 4 - Results of logistic regression models for the evaluation of effects of aircraft noise exposure and 

noise annoyance in t1 on the period prevalence of depression in t2 (excerpt) 

 
Note. B = regression coefficient; SE = standard error; p = probability value; CI -/+ = lower/upper bound of 95 % 

wald-confidence interval, AIC = Akaike information criterion; * p < 0,05; ** p < 0,01; *** p < 0,001, mode = survey 
mode (telephone vs. online); additional predictors included in the augmented model (model 2): age, sex, migration 
background, period of residence, hours spent out of home, home ownership, socio -economic status, noise sensitivity, 
body mass index (BMI), sports, railway noise exposure (LDEN), road noise exposure (LDEN), alcohol consumption 
and tobacco consumption. 

3.3 Structural equation modelling to test the causal relationship of aircraft noise 
exposure, aircraft noise annoyance and diagnosis of depression 

To test the causal association between aircraft noise exposure, aircraft noise annoyance and the 
prevalence of depression for 12 months, structural equation modelling was conducted. 
Co-determinants are not included in the model due to a better fit of the basic models without 
determinants.  
Figure 1a) specifies the model to test whether the impact of aircraft noise exposure in t1 (2012) on 
diagnoses of depression in t2 (2013) is mediated by aircraft noise annoyance in t1 (2012). Figure 1b) 
shows the model that examines a potential mediation effect of diagnosed depression in t1 (2012) on the 
effect of aircraft noise exposure in t1 (2012) on the magnitude/intensity of aircraft noise annoyance in 
t2 (2013). To control for the influence of depression and noise annoyance in the previous year, their 
effect on the following year was tested.  

 

 

Figure 1 – the effect of aircraft noise exposure in t1 (2012) on a) prevalence of depression in t2, potentially 

mediated by aircraft noise annoyance in t1, b) on aircraft noise annoyance in t2, potentially mediated by 

depression in t1.   

 
Results show no significant direct effect of aircraft noise exposure in t1 (2012) on prevalence of 

depression in t2(2013) (β* = -0.032, p =.372), whereas there are significant effects via the indirect path 
from aircraft noise exposure on aircraft noise annoyance (β* = 0.464, p <.001) and aircraft noise 

parameter B SE p Cl- Cl+ B SE p Cl- Cl+ B SE p Cl- Cl+ B SE p Cl- Cl+
(constant term) 3.68 0.56 *** 2.59 4.77 3.42 0.71 *** 2.02 4.82 3.44 0.57 *** 2.33 4.55 3.37 0.22 *** 2.93 3.81
aircraft noise level 
LDEN -0.02 0.01 * -0.04 -0.00 0.00 0.02 0.76 -0.03 0.03 -0.00 0.01 0.89 -0.02 0.02
mode -0.15 0.06 * -0.27 -0.03 -0.21 0.08 * -0.37 -0.05 -0.16 0.06 ** -0.27 -0.04 -0.16 0.06 **-0.27 -0.04
aircraft noise 
annoyance -0.20 0.08 ** -0.34 -0.05 -0.21 0.06 *** -0.38 -0.09 -0.21 0.06 ***-0.33 -0.10
AIC value

model 1 model 2 model 3 model 4

718.3 1252.7 1131.7 59.0
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annoyance in t1 on the prevalence of depression in t2 (2013) (β* = 0.127, p <.01). In the present study 
the effect of aircraft noise exposure in t1 on depression in t2 is largely mediated by aircraft noise 
annoyance in t1, the mediation effect of annoyance (t1) is of moderate size (β* = 0.059, p <.01). 

Results do not confirm the reversed hypothesis that prevalence of depression in t1 mediates the 
effect of aircraft noise exposure on the intensity of aircraft noise annoyance in t2. There is a direct 
effect of aircraft noise exposure in t1 on aircraft noise annoyance in t2 (β* = 0.110, p <.001), but no 
significant effect of aircraft noise exposure on depression (β* = 0.041, p =.205). However, prevalence 
of depression in t1 appears to affect aircraft noise annoyance in t2 (β* = 0.103, p <.001).  

4. DISCUSSION AND CONCLUSIONS 
Findings indicate no direct effect of noise exposure on the 12 months prevalence of depression, 

confirming results of previous studies with no effect of aircraft noise exposure on depression or mental 
health (12-14). Thus, aircraft noise annoyance in t1 has been found to significantly mediate the effect 
of aircraft noise exposure in t1 on the diagnosed 12 months prevalence of depression in the following 
year (t2). Further, a significant reciprocal effect of noise annoyance and depression was observed, 
showing that depression also accounts for the degree of noise annoyance in the following year. These 
results support evidence for aircraft noise annoyance as a mediator of the relationship between aircraft 
noise exposure and mental health outcomes (6), indicating further that effects cannot only be found for 
quality of life but also for manifest mental disorders, emphasizing the adverse effects of annoyance 
from aircraft noise.  

Noise annoyance as a cognitive, emotional and behavioural stress response to noise (9, 16) 
combined with physiological stress reactions (17, 18) might enhance the impact of noise and take its 
full effect in contributing to the development of depression.   

Depression cannot be confirmed as a mediator of the relationship between aircraft noise exposure 
and aircraft noise annoyance in the following year. However, depression can be confirmed as a 
potential predictor (either moderator or co-determinant) of aircraft noise annoyance, which is in line 
with evidence for an association of noise annoyance and mental health quality of life (6, 19). 

Depression could result in lower perceived coping capacity and the feeling of lack of control of the 
noise situation that might lead to more annoyance. This is in line with Stallen, emphasizing the role of 
coping capacity and perceived control on noise annoyance (16). Underlying processes for the 
mediation effect of noise annoyance on depression should be addressed in future research.  Overall, 
these results support the relevance of aircraft noise annoyance as an indicator of the health impacts of 
noise.  

ACKNOWLEDGEMENTS 
This study is part of a master’s thesis within the frame of the conceptual and methodological work 

of the WPs 2 and 3 of the EU project ANIMA (Aviation Noise Impact Management through Novel 
Approaches). ANIMA has received funding from the European Union’s Horizon 2020 research and 
innovation programme under grant agreement No 769627. For this study, data of the research project 
NORAH (Noise-Related Annoyance, Cognition, and Health) was used. NORAH was commissioned by 
the Environment & Community Center / Forum Airport & Region, Kelsterbach, Germany.   

REFERENCES 
1. Van Kempen E, Casas M, Pershagen G, Foraster M. WHO Environmental Noise Guidelines for the 

European Region: A Systematic Review on Environmental Noise and Cardiovascular and Metabolic 
Effects: A Summary. Int J Environ Res Public Health 2018; 15.  

2. Basner M, McGuire S. WHO Environmental Noise Guidelines for the European Region: A Systematic 
Review on Environmental Noise and Effects on Sleep. Int J Environ Res Public Health 2018; 15.  

3. Clark C, Paunovic K. WHO Environmental Noise Guidelines for the European Region: A Systematic 
Review on Environmental Noise and Quality of Life, Wellbeing and Mental Health. Int J Environ Res 
Public Health Health 2018; 15: 2400.  

4. Seidler, A., Hegewald, J., Seidler, A. L., Schubert, M., Wagner, M., Dröge, P. et al. (2017). Association 
between aircraft, road and railway traffic noise and depression in a large casecontrol study based on 
secondary data. Environmental research, 152, 263–271. https://doi.org/10.1016/j.envres.2016.10.017 

5. Black DA, Black JA, Issarayangyun T, Samuels SE (2007). Aircraft noise exposure and resident's stress 
and hypertension: A public health perspective for airport environmental management. J Air Transp 

3038



 

 

Manag 2007; 13: 264–276.  
6. Schreckenberg D, Benz S, Belke C, Möhler U, Guski R. The relationship between aircraft sound levels, 

noise annoyance and mental well-being: An analysis of moderated mediation. Proc ICBEN 2017, June 
18-22, 2017: Zurich, Switzerland 2017. 

7. Beutel ME, Jünger C, Klein EM, Wild P, Lackner K, Blettner M et al. Noise Annoyance Is Associated 
with Depression and Anxiety in the General Population- The Contribution of Aircraft Noise. PloS one 
2016; 11: e0155357.  

8. Niemann H, Maschke C, Hecht K. Lärmbedingte Belästigung und Erkrankungsrisiko. Ergebnisse des 
paneuropaeischen Lares-Survey. Bundesgesundheitsblatt 2005; 48: 315–328.  

9. Guski R, Felscher-Suhr U, Schuemer R. The concept of noise annoyance: How international experts see 
it. J Sound Vibration 1999; 223(4):513–27.  

10. Schreckenberg D, Faulbaum F, Guski R, Ninke L, Peschel C, Spilski J & Wothge J. Wirkungen von 
Verkehrslärm auf die Belästigung und Lebensqualität. In Gemeinnützige Umwelthaus gGmbH (eds.), 
NORAH (Noise related annoyance cognition and health): Verkehrslärmwirkungen im Flughafenumfeld 
(Bd. 3). 2015 Kelsterbach: Umwelthaus gGmbH. 

11. Fields JM, Jong RG de, Gjestland T, Flindell IH, Job RFS, Kurra S et al. Standardized general-purpose 
noise reaction questions for community noise surveys: Research and a recommendation. J Sound Vibra-
tion 2001; 242(4):641–79. 

12. Busch MA, Maske UE, Ryl L, Schlack R, Hapke U. Prävalenz von depressiver Symptomatik und 
diagnostizierter Depression bei Erwachsenen in Deutschland: Ergebnisse der Studie zur Gesundheit 
Erwachsener in Deutschland (DEGS1). Bundesgesundheitsblatt 2013; 56: 733–739.  

13. Baudin C, Lefèvre M, Champelovier P, Lambert J, Laumon B, Evrard A-S.. Aircraft Noise and 
Psychological Ill-Health: The Results of a Cross-Sectional Study in France. Int J Environ Res Public 
Health 2018; 15.  

14. Floud S, Vigna-Taglianti F, Hansell A, Blangiardo M, Houthuijs D, Breugelmans O et al.. Medication 
use in relation to noise from aircraft and road traffic in six European countries: results of the HYENA 
study. Occup Environ Med 2011; 68: 518–524.  

15. Hardoy MC, Carta MG, Marci AR, Carbone F, Cadeddu M, Kovess V et al.. Exposure to aircraft noise 
and risk of psychiatric disorders: the Elmas survey-aircraft noise and psychiatric disorders. Soc Psych 
Psych Epid 2005; 40: 24–26.  

16. Stallen PJM. A theoretical framework for environmental noise annoyance. Noise Health 1999; 1(3):69.  
17. Lefèvre M, Carlier MC, Champelovier P, Lambert J, Laumon B, Evrard AS. Effects of aircraft noise 

exposure on saliva cortisol near airports in France. Occup Environ Med 2017; 74: 612–618. 
18. Selander J, Bluhm G, Theorell T, Pershagen G, Babisch W, Seiffert I et al.. Saliva cortisol and exposure 

to aircraft noise in six European countries. Environ Health Perspect 2009; 117: 1713–1717. 
19. Van Kamp I, van Kempen E, Baliatsas C, Houthuijs D. Mental health as context rather than health 

outcome of noise: competing hyptheses regarding the role of sensitivity, perceived soundscapes and 
restoration. Proc INTERNOISE 2013; Innsbruch, Austria 2013. 

3039



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Do ultrafine particles confound studies on noise and cardiovascular 
disease? 

John GULLIVER1, Yingxin CHEN1, Gary FULLER2, Anja TREMPER2, Leon HIBBS3, Jamie 
SOUSSAN4, Paolo VINEIS4 and on behalf of the EXPOsOMICS project, Anna HANSELL1 

1 Centre for Environmental Health and Sustainability, University of Leicester, Leicester, United Kingdom 
2 Environmental Research Group, King’s College London, London, United Kingdom 

3 Reigate and Banstead Borough Council, Reigate, United Kingdom 
4 MRC-PHE Centre for Environment and Health, Imperial College London, London, United Kingdom 

ABSTRACT 
Ultrafine particles (UFP) are emitted by both jet engine aircraft and road traffic and may potentially 

confound associations between noise and health outcomes. However, neither UFP or noise are routinely 
measured resulting in a lack of understanding of their relationship. We conducted repeated short-term 
measurements with portable sensors to assess the correlation between noise and UFP number concentrations 
(PNC) for aircraft and road traffic. Noise and PNC were measured contemporaneously for 30-minutes at 160 
sites (repeated three times at a range of site types) in Norwich, a medium size city in the east of England, and 
repeatedly up to 71 times per site at nine sites (501 in total) around Gatwick airport. In Combining all 
measurements at Gatwick Airport the correlation was very weak (  = 0.11). Strongest correlations were 
moderate (|>0.4-0.6|) at a residential site 1.3 km north of the runway and a site 0.6 km south of the runway. 
The correlation between noise and PNC in Norwich was overall moderate (  = 0.52) and weak (  <0.4) for 
roadside sites (n = 55) and urban background sites (n = 90) respectively. Results suggest that PNC are unlikely 
to be a major confounder in epidemiological studies of aircraft or road noise and cardiovascular disease. 
 
Keywords: noise, ultra-fine particles, particle number, measurements, aircraft, road traffic. 

1. INTRODUCTION 
Ultrafine particles (UFP, particulate matter with one dimension less than 100 nanometres) are 

emitted by both road traffic and jet engines and may potentially confound associations with noise. For 
example, it was suggested that UFP from aircraft were a possible explanation (1) for the higher rates 
of cardiovascular hospital admissions and mortality found in relation to aircraft noise exposure near 
Heathrow airport (2). Given their small size, UFP can pass into the systemic circulation, thereby 
invading all organ systems (3). Previous reviews have provided suggestive evidence of adverse health 
effects of exposure to UFP (3, 4), affecting pulmonary/systemic inflammation and cardiovascular 
outcomes in 79 short term studies and 10 long term studies. However, UFPs are not routinely 
monitored in most areas (4). In the United Kingdom, for example, there are currently three routine 
UFP monitoring sites (5). We present work from measurement campaigns focusing on aircraft and 
road traffic with the aim of obtaining information on the level of correlations between noise and UFP.  

2. METHODS 

2.1 Overview 
We conducted repeated short-term measurements with portable sensors to assess the correlation 

between noise and ultra-fine particle number concentrations (PNC) for aircraft and road traffic. For 
road traffic we used data collected in the EXPOsOMICS project (6). For aircraft we used data from 
an ongoing project looking at long-term cardiovascular impacts of aircraft noise near major airports 
in the UK - ‘Aircraft Noise and Cardiovascular outcomes (ANCO)’.  
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2.2 Study areas  
For aircraft noise the aim was to contemporaneously measure noise (decibels) and PNC 

(particles/cm3) without confounding from other sources such as road traffic. We chose Gatwick as it 
is a major airport in a predominantly rural area. Gatwick lies ~40 km south of London in the county 
of West Sussex. Take-offs and landings are to the east or west of the airport depending on the direction 
of the prevailing wind. The town of Horley (population ~25,000) lies to the north and Crawley 
(population ~112,000), the largest town in the area, to the south. The most heavily trafficked road is 
the M23 motorway running north-south at ~2km east of the airport, beyond which is flat, uninterrupted 
countryside. The area to the west of the airport is uninterrupted, gently undulating countryside.  

For road traffic, measurements were undertaken in the city of Norwich (population ~196,000) in 
the east of England. Norwich is the largest urban area in the county of Norfolk and lies ~160 km to 
the north east of London. The main local source of environmental pollution is from road traffic except 
in proximity to a regional airport in the north of the city. 

2.3 Site selection  
For aircraft noise we selected nine sites for measurements (Figure 1). Five of the sites (three to the 

east and two to the west of the airport) were selected both to fall on or close to the flights path and 
not be near to any other significant source of noise or PNC. Additionally, Site 3 (Roband) was close 
to the end of the runway but next to a moderately trafficked road. During a pilot of the study we 
measured PNC at ~10 km east and west of the airport under a range of meteorological conditions and 
PNC were not elevated above background due to passing of aircraft. We therefore chose to focus on 
the areas closer to the airport. The furthest site from the runway (Site 8, Holmlea) was 5.6 km to the 
east. The other three sites were co-located with air pollution monitoring stations managed by Reigate 
and Banstead Borough Council that are part of the London monitoring network (7), where continuous 
long-term measurements of noise and PNC are being made as part of this study -  not presented here. 
Site numbers reflect the general order in which sites were visited.  

For road traffic, noise and PNC were measured at 160 sites (Figure 2). The site types were selected 
to cover the range of geographical settings in the city representing residential locations: roadside (i.e. 
main roads with annual average daily traffic (AADT) > 10,000 vehicles), urban background, urban 
green space, industrial, and regional background (rural). We avoided sites in proximity to cafés and 
restaurants which can be a significant source of outdoor PNC (8). 

2.4 Monitoring equipment 
The same types of sensor were used to assess noise and PNC for both aircraft and road traffic. For 

noise we used a Cirrus Research Optimus sound level meter (CR:171B), calibrated using an acoustic 
calibrator at the start of each day of measurements. For PNC we used a TSI 3007 condensation particle 
counter (CPC) operating with a flow rate of 100 mL/min. Particles measured are in the size range 10 -
100 nm. Prior to each measurement the CPC was ‘zero-checked’. The noise meter was mounted on a 
tripod and the CPC inlet elevated on a pole both at a height of about 1.5m above ground level (Figure 
3). Noise (LAeq) and PNC (particles/cm3) were continuously measured at 1 Hz resolution for each 
30-minute period. 

2.5 Noise and PNC measurements 
Measurements around Gatwick were made between July 2019 and November 2019 during the 

daytime after the morning peak traffic (~0900) and before the evening peak traffic (~1600). It  was not 
possible to visit all nine sites during the course of one day and due to inclement weather the number 
of sites varied between days. For road traffic, noise and PNC were also measured during the daytime 
off-peak hours in 2014/15. Each site (n=160) was visited three times, once in each of three seasons 
(summer, winter, spring/autumn). 

2.6 Data analysis 
With a focus on relative ranking in an epidemiological context we used Spearman’s correlation ( ) 

to compare measured noise and PNC. For road traffic in Norwich we used the median of the three 
values of PNC and noise for each site. We produced correlations for all sites and separately for sites 
on main roads and in background areas. For aircraft we produced correlations for each site and the 
overall correlation by pooling data from the nine sites. We define correlation as very weak (|0 -0.2|), 
weak (|>0.2-0.4|), moderate (|>0.4-0.6|), strong (|>0.60-0.8|), very strong (|>0.8-1.0|). 
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For aircraft we also assessed the variability in 30-mintue median LAeq and PNC at each site. Median 
values were used due to the skewed distributions of both noise and PNC.  
 

 

 

 

Figure 2 – study area for road traffic noise showing the distribution of monitoring sites. 
 
 

 
Figure 3 – noise and PNC monitoring equipment 
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3. RESULTS 

3.1 Correlations between noise and PNC 
Descriptive statistics and Spearman’s correlations are shown in Table 1 for sites around Gatwick Airport 

and in Table 2 for sites in Norwich.  
Across all sites (the median values for 501 pairwise 30-minute measurements) the correlation was very 

weak (  = 0.11). Four of the sites (two easterly and two westerly, along flight paths) had weak or very weak 
negative correlation between noise and PNC. Weak positive correlations were found at Site 3 (Roband), 
located immediately west of the runway, and Site 4 (RG1) in a residential area of Horley. The strongest 
correlations were moderate (|>0.4-0.6|) at Site 5 (RG6) in a residential area in Horley and Site 9 (RG3) to the 
south of the runway. The overall correlation between noise and PNC in Norwich was moderate (  = 0.52). 
Correlations at roadside sites and urban background sites were weak. The number of sites in other categories 
were too small (n < 10) to produce correlations.  

 

Table 1 – Summary statistics for sites around Gatwick Airport 

Site type N Median LAeq, dB Median PNC, 

particles/cm3 
Spearman’s  
(Prob. > |t|) 

All  501 55.9 4928 0.11 (0.02) 

Site 1 (Golf) 43 55.4 4208 -0.39 (0.01) 

Site 2 (Waterhall) 52 55.7 5235 -0.23 (0.10) 

Site 3 (Roband) 63 73.2 12230 0.37 (0.003) 

Site 4 (RG1) 71 52.1 10658 0.39 (< 0.001) 

Site 5 (RG6) 60 57.5 11845 0.52 (< 0.001) 

Site 6 (Church) 68 55.0 4087 -0.12 (0.32) 

Site 7 (Dowlands) 49 53.9 3657 -0.01 (0.93) 

Site 8 (Holmlea) 36 55.5 4181 0.09 (0.59) 

Site 9 (RG3) 59 54.1 4756 0.40 (0.002) 

 

 

Table 2 – Summary statistics for site in Norwich 

Site type N Median LAeq, dB Median PNC, 

particles/cm3 
Spearman’s  
(Prob. > |t|) 

All  160 65.6 7404 0.52 (< 0.001) 

Roadside 55 71.5 9775 0.39 (0.002) 

Urban Background 90 61.5 6450 0.31 (0.001) 

Urban green space 10 57.0 5897 - 

Industrial 1 62.9 5044 - 

Regional 

background 

4 58.0 3916 - 

 

3.2 Variability in 30-minute median noise and PNC 
For the nine sites around Gatwick, Figure 4 shows the variability of noise levels and Figure 5 shows the 

variability in PNC. 
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Median noise levels are similar for all sites along the flight path (~55dB) with the exception of Site 3 
(Roband), close to the end of the runway, and yielded the highest median noise level (73.2 dB), and noise 
levels were consistently above 70 dB. The lowest variability in noise was at sites 3 (Roband) and 5 (RG6) 
which are the close to the runway. Site 3 (Roband) also had the highest median PNC. Site 4 (RG1) and site 
5 (RG6) had relatively high median PNC but this did not correspond with elevated noise levels.  

 

Figure 4 – variability in noise around Gatwick Airport 

 

 

Figure 5 – variability in PNC around Gatwick Airport 
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4. DISCUSSION 

4.1 Correlations between noise and PNC 
We found overall weak correlation between noise and PNC at sites around Gatwick with moderate 

correlations at only two sites close to the airport. Overall correlations in Norwich were moderate 
where the main source of noise and PNC variability was road traffic.  

Only a few other studies have looked at the relationship of noise and PNC from measurement data. 
Morelli et al. (9) found moderate correlations in the range 0.43-0.55 in the cities of Basel, Girona, 
and Grenoble from 20-minute measurements (N=141) where the main source of noise and PNC was 
road traffic. Cole-Hunter and colleagues conducted a panel study among 28 participants in Barcelona, 
Spain found no correlations between traffic related air pollution (TRAP) and fifteen minute mean 
noise exposures at either the low (-0.079≤ r ≤0.0096) or the high-traffic sites (-0.16 ≤r ≤ 0.035) with 
continuous measures of noise and TRAP during four two-hour exposure periods (10). Similarly, a 
panel study among 42 adults (21 with and 21 without asthma) in the metropolitan Atlanta area found 
weak Pearson’s correlation (r=0.27) between noise (N=69) and UFP (N=76) from continuous 
measures during two hours scripted highway commutes during morning rush hour (11).  

Few studies focus on noise and UFP exposure in the working environment. Meier et al. investigated 
short-term health effects related to particle and noise exposure in 18 highway maintenance workers 
and found moderate correlation (r=0.5) between exposure to particles and noise during highway 
maintenance work during five 24-hr periods from a total of 50 observation days (12). One study on 
aircraft noise carried out in a small provincial airport in Sardinia, Italy found a weak correlation 
between UFP and noise (LAeq8hr: r=0.036; LC peak: r=0.097) (13).. 

4.2 Variability in noise and PNC 
Median 30-mintue noise levels in rural areas close or under the flight path were mostly >50dB and 

frequently >60dB. The higher levels of variability in noise at sites in rural areas is likely due to a 
combination of the variation in the types of aircraft, the frequency of aircraft movements, atmospheric 
conditions including wind speed and direction, and the differential effects on noise levels of take-offs 
and landings that are dependent on wind direction.  

PNC were higher in residential locations 1.3 km to 1.7 km north of the airport than next to main 
roads in Norwich. We suggest that the variability in PNC is related to the direction of take-offs and 
meteorology. We expect the higher PNC at Sites 4 and 5 in Horley to be related to when aircraft take -
off in a westerly direction (taxi and engine thrusting at the east end of the runway) and the wind 
direction is south or south west (see Figure 1). We also expect there to be an interaction between 
direction of take-off and wind direction (also possibly wind speed) that explains the high level of 
variability in PNC count at Site 3 (Roband). 

We generally observed ‘background’ PNC at sites along the flight path of the same order of 
magnitude as the regional background (i.e. rural) sites in Norwich. There were some exceptions. At 
~4.5km to the west of Gatwick Airport along the flight path 10% of 30-minute median PNC 
measurements were > 10,000 particles/cm3. At Site 4 (RG1) in Horley ~75% of PNC measurements 
were above background. Other studies have observed elevated levels of PNC at greater distances. 
Downwind of Los Angeles International Airport measured PNC was 4-5-fold background levels at 8-
10km and 2-fold background up to 16km (14)  PNC were 3-fold background levels at 7km downwind 
of Schiphol near Amsterdam (15). PNC at sites 4km and 7.5km from Logan International Airport 
(Boston, USA) were 2-fold and 1.33-fold, respectively, higher when downwind compared to all other 
wind directions (16).  

In future work we will look at correlations between noise and PNC in relation to other metrics such 
as noise events (e.g. N65, N70) and look at the effects of meteorology and individual flight movements 
on the spatial distribution of noise and PNC.   

 

4.3 Limitations 
It was inevitable that some of the noise measurements were influenced by other sources that were 

out of our control, such as human voices and birdsong, and less frequently wind. Vehicles passed 
infrequently at sites 4 (RG1) 5 (RG6), and 9 (RG3) and regularly at site 3 (Roband). We could 
sometimes hear very distant traffic at other sites. The influence of human voices was more notable in 
the city of Norwich as would be expected within an urban area, and this was mainly in the city centre 
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or along main roads. Although we avoided sites close to cafés and restaurants levels of PNC may be 
influenced by the transfer of particles from indoor kitchens to outdoors.  

5. CONCLUSIONS 
We found overall weak correlations between noise levels and PNC number and moderate correlations at 

sites closest to Gatwick Airport. These results suggest that PNC would not be a major issue for confounding 
in epidemiological studies on aircraft noise and cardiovascular disease except for some areas in the near 
vicinity of the runway, but there is potential for some limited confounding for road traffic noise. 

ACKNOWLEDGEMENTS 
This work was funded by The Medical Research Council (Grant Agreement No.: MR/P023673/1), the EU 

seventh Framework Program EXPOSOMICS Project. Grant Agreement No.: 308610, and the Compagnia di 
San Paolo (Turin, Italy) to Paolo Vineis. 

 

REFERENCES 
1. Corbin J. C. PM₀.₁ particles may increase risk of vascular disease. BMJ 2013;347(7934):22-. 

2. Hansell A.L., et al. Aircraft noise and cardiovascular disease near Heathrow airport in London: small area study. BMJ. 2013;347:f5432. 

3. HEI. Understanding the health effects of ambient ultrafine particles 2013. 

4. Ohlwein S., et al. Health effects of ultrafine particles: a systematic literature review update of epidemiological evidence. Int J Public Health. 

2019;64(4):547-59. 

5. Air Quality Expert Group. Ultrafine Particles (UFP) in the UK. 2018. https://uk-air.defra.gov.uk/library/reports.php?report_id=968 

6.Vineis P., et al. The exposome in practice: design of the EXPOsOMICS project. Int J Hygiene and Environmental Health. 2017;220:142-51. 

7. LondonAir.  [Available from: https://www.londonair.org.uk/LondonAir/Default.aspx  

8. Vert C., Meliefste K., Hoek G. Outdoor ultrafine particle concentrations in front of fast food restaurants. J Exp Science and Environmental 

Epidemiology. 2016;26(1):35. 

9. Morelli X., et al. Short-term associations between traffic-related noise, particle number and traffic flow in 3 European cities. Atmos Env 

2015;103:25-33. 

10. Cole-Hunter T., et al. Impact of traffic-related air pollution on acute changes in cardiac autonomic modulation during rest and physical 

activity: a cross-over study. Journal of Exposure Science and Environmental Epidemiology. 2016;26(2):133. 

11. Sarnat J.A., et al. Exposure to traffic pollution, acute inflammation and autonomic response in a panel of car commuters. Env 

Research2014;133:66-76. 

12. Meier R., et al. Associations of short-term particle and noise exposures with markers of cardiovascular and respiratory health among 

highway maintenance workers. Environmental Health Perspectives. 2014;122(7):726-32 

13. Marcias G., et al. Occupational Fine/Ultrafine Particles and Noise Exposure in Aircraft Personnel Operating in Airport Taxiway. 

Environments. 2019;6(3):35. 

14. Hudda N., et al. Emissions from an international airport increase particle number concentrations 4-fold at 10 km downwind. Environmental 

Science & Technology. 2014;48(12):6628-35. 

15.Keuken M., et al. Total and size-resolved particle number and black carbon concentrations in urban areas near Schiphol airport (the 

Netherlands). Atmospheric Environment. 2015;104:132-42. 

16. Hudda N., et al. Aviation-Related impacts on ultrafine particle number concentrations outside and inside residences near an airport. 

Environmental science & technology. 2018;52(4):1765-72. 

3047



Spatial Principal Component Analysis of Head-Related Transfer Functions
using their complex logarithm with unwrapping of phase

Shouichi Takane(1)

(1)Department of Information and Computer Science, Faculty of Systems Science and Technology, Akita Prefectural University,

84-4 Ebinokuchi, Tsuchiya, Yurihonjo, Akita, 015-0055 Japan, E-mail: takane@akita-pu.ac.jp

Abstract
Head-Related Transfer Function (HRTF) changes depending on sound source position and has strong individual-
ity. In order to compactly represent the spatial change of the HRTF in acceptable accuracy, the Spatial Principal
Component Analysis (SPCA) has been adopted in many researches. Accuracy of the reconstructed HRTFs with
the SPCA is different depending on which domain is used for the SPCA. In this article, a new procedure for the
SPCA of the HRTFs using complex logarithm of the HRTFs with unwrapping of phase was proposed. Moreover,
the performance of the procedure was evaluated via the SPCA of a single HATS. The results showed that the
proposed SPCA procedure has the potential to reconstruct the HRTFs with the smaller distortion in frequency
domain using the smaller number of principal component than those in the conventional ones.

Keywords: Spatial Principal Component Analysis, Head-Related Transfer Function, Complex logarithm,
Unwrapping of phase

1 INTRODUCTION
Head-Related Transfer Function (HRTF) is defined as an acoustic transfer function from sound acquired at a

center point when a listener is absent to that acquired at the listener’s ear[1]. The HRTF varies due to the

sound source position and has strong individuality in both objective and subjective senses. Some systems have

been proposed in order to synthesize the sound at the listener’s ears based on the synthesis of binaural sound

signals involving his/her HRTFs [2, 3, 4, 5, 6]. In order to achieve the accurate synthesis in these systems,

the HRTFs are ideally acquired in all directions around the listener and optimized for him/her. While a study

considering the effecient sampling scheme of the HRTF measurement exists[7], data size of such set of HRTFs

may become numerous. Therefore a requirement arises that data size of his/her HRTFs acquired in all directions

must be as compact as possible with their synthesis accuracy accomplished to some extent.

One of effective methods for the compact representation of the HRTFs is the Principal Component Analysis

(PCA)[8, 9], or the spatial feature extraction method[10, 11, 12]. All of them have their theoretical basis on the

PCA or Singular Value Decomposition (SVD) of matrices assembled by using the HRTFs or their corresponding

impulse responses called the Head-Related Impulse Responses (HRIRs). In such kind of methods, the spatial

variation of HRTFs is modeled by using small number of principal components or eigenvectors. In this paper,

this method is called the Spatial PCA (SPCA) of the HRTFs/HRIRs, as Xie did[11].

Although the researches on the compact representation of HRTFs based on the SPCA exist [8, 9, 10, 11, 12],

there are some differences in which domain was used for the SPCA among these studies. Kistler et al. used the

logarithm of the HRTF amplitude[9], and Xie used the linear amplitude of the HRTF[11]. In these two studies,

the HRTFs were assumed to have only minimum-phase component and the phase component were reconstructed

by using the Hilbert transform[13]. Chen et al. used the complex-valued frequency spectrum of the HRTFs[10],

and Wu et al. used the HRIRs[12]. No minimum-phase approximation was required in these studies. The

SPCA can be successively and commonly adopted with the use of each parameter, and the modelling accuracy

of the HRTFs was regarded sufficient in both objective and subjective viewpoints in all of these studies, with

linear combination of relatively small number of principal component. However, it is known that difference in

the modelling accuracy by choosing each of the four domains. Liang et al. compared the modelling accuracy
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between the linear and the logarithmic magnitude of the HRTFs in the horizontal plane, assuming that the

minimum phase approximation was satisfactory[14]. Takane compared the reconstruction accuracy of the HRTFs

among the results of the SPCA with each of the four domains[15]. When the accuracy was compared in the

same number of principal components, both researches reached the same conclusion that the SPCA using the

linear amplitudes of the HRTFs has the relatively better accuracy than that using the logarithmic ampitude under

the assumption that the minimum phase approximation is accepted. Takane also concluded, in the case that the

minimum phase approximation is not accepted, that the SPCA using the complex frequency spectrum of the

HRTFs brings about better accuracy. In other words, the more compact representation of the spatial variation of

the HRTFs is possible with the SPCA using the complex frequency spectrum of the HRTFs.

On the other side, Takane also mentioned that the accuracy in frequency domain, observed from the Spectral

Distortion (SD) between the reconstructed and the original HRTFs, is exceptionally small when the logarithmic

amplitude was chosen as the domain of the SPCA[15]. This property has a potential that the HRTFs are re-

constructed by using the relatively small number of principal components when only the accuracy in frequency

domain is focused. Since cues in the frequency domain are well known to be important[17, 18], the SPCA

using the logarithmic domain may have the property desirable for the sound localization. Based on such con-

sideration, yet another SPCA using the complex logarithm of the HRTFs is proposed in this article. Complex

logarithm of the HRTFs is used for assembling the covariance matrix, and obtained principal component are

also complex. It should be noted that the imaginary component of the complex logarithm of the HRTFs must

be unwrapped. Effectiveness of the proposed method is demonstrated via the modeling of a set of HRTFs

covering all directions. The proposed procedure does not require the minimum-phase approximation, and the

most attractive feature of the proposed procedure is its lower (and better) distortion characteristics in frequency

domain. This may come from the usage of the logarithm of the HRTFs. Kistler et al. also used the logarithm

of the HRTFs under the minimum-phase assumption[9], but they did not report such feature since they did not

compare the results of the SPCA using various domains.

2 MODELING OF THE HRTFs/HRIRs BASED ON SPCA
2.1 Outline of the SPCA
The following is general procedures for the SPCA of the HRTFs/HRIRs:

1. Average of a certain set of M vectors gm (m = 1,· · · ,M) is calculated as follows:

gav =
1

M

M∑
m=1

gm . (1)

2. Covariance matrix R is obtained by calculating the following equation:

R =
1

M

M∑
m=1

(
gm − gav

) · (gm − gav

)H . (2)

Note that H indicates the Hermitian transpose. Size of the matrix R is N × N , where N is denoted as the

length of the vector gm .

3. The matrix R is decomposed into N pairs of principal component (eigenvectors) and eigenvalues by solv-

ing the following eigenvalue problem:

R ·qk = λk ·qk . (3)

As a result, a set of the eigenvalues and principal components, λk and qk (k = 1,· · · ,N ), is obtained. Note

that λk (k = 1,· · · ,N ) are sorted from the largest to the smallest, i. e., λ1 ≥ λ2 ≥ λ3 ≥ · · · ≥ λN , and the

principal components, qk , are also arranged to the corresponding eigenvalues.

3049



4. By using the matrix, Q, with qk in its column vector, the weighting vector, wm , corresponding to the

m-th vector gm is calculated as follows:

wm =QH (gm − gav

)
. (4)

As a result of the PCA, the weight wm is approximated by using q1 ∼ qK (1 ≤ K ≤ N ) as follows:

(wm )K =QH
K

(
gm − gav

)
, (5)

where QK is a matrix with its column vectors q1 ∼ qK . The length of the vector (wm )K becomes K .

The vectors and matrices are assumed to have complex values in the procedures stated above. If their values

are real, the Hermitian transpose is changed to the simple tranpose T. The value m reflects the sound source

position, and also the subject if the HRTFs/HRIRs of multiple subjects are used for assembling the covariance

matrix.

The parameters are reconstructed by using the principal components as follows:(
gm

)
K =QK · (wm )K + gav. (6)

The computed parameter
(
gm

)
K becomes approximation when K < N , but this may have acceptable accuracy

in principle when the Cummulative Proportion of Variance (CPV) R2(K ) is close to 1.0. The CPV is defined

by using the eigenvalues of the covariance matrix, λk (k = 1,· · · ,N ), as follows:

R2(K ) =

K∑
k=1

λk

N∑
k=1

λk

, (7)

where N is the total number of component, equals to the length of the vector gm (m = 1,· · · ,M).

2.2 Domains used for the SPCA
As mentioned in the Introduction, some kinds of parameters are subject to the assembly of the covariance ma-

trix. Kistler et al. used the logarithm of the HRTF amplitude[9], and Xie used the amplitude of the HRTF[11].

In these studies, the minimum-phase properties of HRTFs are assumed. Chen et al. used the complex HRTF

spectrum[10]. While these studies extracted the parameters from the HRTFs, Wu et al. used the HRIRs[12]. Yet

another parameter, complex logarithm of the HRTFs, is newly listed in this paper. According to these studies

and the new proposal, such differences are treated as the modelling domains in this paper. It is called domain

“I” when the HRIR is used for the PCA, domain “C” when the complex HRTF spectrum is used, domain

“F” when the amplitude spectrum of the HRTF is used, domain “L” when the real logarithm of the amplitude

spectrum of the HRTF is used, domain “CL” when the complex logarithm of the HRTF is used together with

unwrapping, and domain “CLN” when the complex logarithm of the HRTF is used without unwrapping. These

definitions are summarized in Table 1.

Considering the SPCA in each domain, it is obvious in the domains C, F, L, CL and CLN that the frequency

spectrum has the following symmetric relations for k = 1,· · · ,N , where N indicates the length of a HRTF:

Hm (k) = H∗
m (N − k), (8)

log Hm (k) = log H∗
m (N − k), (9)

Am (k) = Am (N − k), Lm (k) = Lm (N − k). (10)
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Table 1. Correspondence between modelling conditions and symbols.

Domain Symbol

HRIR I

HRTF C

Amplitude of HRTF F

Real log-amplitude of HRTF L

Complex log-amplitude of HRTF (w/ unwrapping) CL

Complex log-amplitude of HRTF (w/o unwrapping) CLN

In Eqs. (8) to (10), Hm (k) is the k-th component of Hm , Am (k) = |Hm (k) |, Lm (k) = log Am (k), and ∗ indicates

the conjugation. This means that the vector length is almost halved in these domains.

When the covariance matrices assembled in the domains I, C, F, L, CL and CLN are respectively denoted as

R(I), R(C), R(F), R(C), R(CL), and R(CLN), size of R(I) is N × N , while that of R (C), R (F), R (CL) and R (CLN)

is (N/2 + 1) × (N/2 + 1). The domains C, F, L, CL and CLN have the advantage in the smaller size of the

covariance matrix, but the data in the frequency domain become complex in the domains C, CL and CLN.

Therefore data size per one component of the covariance matrix becomes twice in these domains. Using the

amount of data of R(I) as reference, that of R(C), R(CL) and R(CLN) is about 1/2, and that of R(F) and R(L) is

around 1/4.

2.3 The SPCA using complex logarithm of HRTFs
The m-th HRIR and HRTF are respectively expressed as hm and Hm , and Hm is further decomposed into its

amplitude and phase components as follows:

Hm = Am exp { jΘm } , (11)

where Am and Θm indicates vectors stored the amplitude and phase component of the m-th HRTF, respectively.

The domains I, C, F, L, CL and CLN mean that hm , Hm , Am , Lm ≡ logAm (m = 1,· · · ,M), logHm and LogHm

are respectively used for the SPCA. Obviously the following equation stands in the domain CLN:

LogHm = logAm + jΘm , (12)

where LogH denotes the complex logarithm and its imaginary part of is in the range [−π,π). When the above

equation is calculated in computer, the imaginary part of this equation is automatically truncated in the range

[−π,π), leading to its discontinuities along the frequency. This must be affected to the reconstruction of HRTF

by using the SPCA. Therefore, this imaginary part is unwrapped in the domain CL as follows:

logHm = logAm + jW[Θm] , (13)

where W[·] is unwrapping function.

2.4 Calculation of HRTFs from the SPCA in various domains
When the m-th vector is reconstructed by using the first K principal components in the domains I, C, F, L, CL

and CLN, they are respectively denoted as
(
h(I)
m

)
K

,
(
H(C)

m

)
K

,
(
A(F)

m

)
K

,
(
L(L)
m

)
K

,
(
logH(CL)

m

)
K

and
(
LogH(CLN)

m

)
K

.

In order to obtain the corresponding reconstructed HRIR and HRTF from the SPCA results in each domain, the

length of the vectors are almost doubled with the relations in Eqs. (8)∼(10) except for the domain I. Then the

FFT or IFFT is used with the additional computation of the real and the complex exponentials for the domains

L, CL and CLN. For example,
(
h(CL)
m

)
K

is obtained by: calculating
(
H(CL)

m

)
K

from
(
logH(CL)

m

)
K

, then the length

of
(
H(CL)

m

)
K

almost doubled, and calculating the IFFT of the resultant vector.
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3 RELATION BETWEEN ACCURACY AND NUMBER OF PRINCIPAL COMPONENTS
A database of HRIRs of KEMAR HATS (Head And Torso Simulator) presented by Media lab. of MIT[19] was

used. This database involves 710 pairs of HRIRs (total: 1420) with sampling frequency of 44.1 kHz. This value

corresponds to M in Eqs. (1) and (2).

3.1 Conditions of analysis
The initial delay in each response was extracted, then 256 sample points were taken as the data for the anal-

ysis, windowing with latter half of 512-points Blackman-Harris window function adjusting its peak at that of

the HRIR. The SPCA was executed by constructing the covariance matrices from HRIRs (called as domain

I), HRTFs (domain C), amplitude of HRTFs (domain F), log-amplitude of HRTFs (domain L), complex log-

amplitude of HRTFs with unwrapping (domain CL) and that without unwrapping (domain CLN). The HRTF-

s/HRIRs in all directions (710 directions×2 ears) were used, and the average vector (Eq. (1)) and the covariance

matrix (Eq. (2)) were calculated in each domain.

3.2 Cumulative Proportion of Variance (CPV)
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Fig. 1. Change in cumulative proportion of variance

(CPV) with number of component in PCA. Lines and

marks for the cases C, L, CL and CLN are relatively

thicker and larger than those for the cases I and F.

When the PCA is utilized for some data, the cumula-

tive proportion of variance R2(K ) defined as Eq. (7)

is used for the reference indicating how much variance

in data is covered by using the first K principal com-

ponents. Change of the cumulative proportion of vari-

ance in each domain is plotted in Fig. 1. It is found

out from this figure that the CPV is monotonically in-

creased and converges to 1.0 as the number of com-

ponent is increased in all domain. Among these six

domains, the cases CLN and CL respectively have the

slowest and the fastest increase as the number of prin-

cipal components increases. This indicates that the the

smallest number of principal components can cover a

certain proportion of variance in the domain CL and

the largest number is required for the domain CLN.

Since the difference between the domain CL and CLN

is whether the unwrapping of phase was executed or

not, the difference in Fig. 1 certainly comes from the

unwrapping processing.

The previous studies had various reference values in

the proportion of variance, more than which the corre-

sponding principal components are omitted. Kistler et
al. set this value to 0.90[9], Chen et al. and Wu et al. set this value to 0.999[10, 12], and Xie set this to around

0.98[11]. Since the amount of data and analyzing purposes are different among these studies, direct comparison

among these values is impossible. However, it can be said that the value more than 0.9 is set in these studies.

After these studies, the least numbers of component to cover four values of the CPV, 0.90, 0.95, 0.99 and 0.999

are indicated in Table 2. Seeing Table 2, the domain CLN has the numbers of component largest in all of the

CPV values. Since the dimension of the covariance matrix for this domain is 129 × 129, around 81% (105/129)

of principal component are required to cover 0.999 of the variance in the domain CLN. On the contrary, the

domain CL has the smallest values among six domains when the CPV value is 0.90 or 0.95, and the domain C

has the smallest value when the CPV value is 0.99 or 0.999. From these comparison, it can be stated that the

domains C and CL have almost the same characteristics. However, the domain C requires number of component

less than that for the domain CL when the CPV value is raised to 0.999.
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Table 2. The least number of component to cover the cumulative proportion of variance in each case.

Case
Variance

0.90 0.95 0.99 0.999

I 8 10 20 39

C 4 6 11 20

F 5 7 14 31

L 6 11 32 78

CL 2 4 12 40

CLN 29 47 84 105

3.3 Comparison of reconstruction accuracy
The CPV of the covariance matrix is an effective criterion for the coverage of variance with a certain number

of component derived from the PCA. However, Takane indicated that the direct comparison of the CPV against

a certain number of principal component among each domain is not possible[15]. Therefore, the reconstruction

accuracy obtained for each domain is compared in this section. For this purpose, Spectral Distortion (SD) and

Signal-to-Distortion Ratio (SDR) is used.

The SD is defined as standard deviation in log-amplitude of two frequency spectra as follows:

SD[A,Â] =

√√√
1

Nf

N f∑
k=1

20log10

�����
A(k)

Â(k)

����� [dB], (14)

where A and Â are the frequency amplitude spectrum of the original and the estimated responses, respectively,

and A(k) and Â(k) are the k-th component of the vectors A and Â, respectively. Here the value of Nf is set

so that it gets closest to the frequency of 20 kHz. The closer Â is to A, the smaller the SD is.

Signal-to-Distortion Ratio (SDR) is defined as the level difference between the energy of the original impulse

response and that of the error as follows:

SDR
[
h,ĥ

]
= 10log10

| |h| |
������h− ĥ������

[dB], (15)

where | |·| | indicates the Euclid norm of the vector. The closer ĥ is to h, the larger the SDR is.

As for the SDRs in the domains F and L, the original impulse responses are ones constructed with its mini-

mum phase component, which are different from the ones in the other domains. The SDRs in each case were

computed as how much the reconstructed impulse response differs from the desired one. It is noted that this

point is related to the calculation of SDRs, and not to that of SDs, since the SD is computed by using only

magnitude of the reconstructed and the original HRTFs.

Accuracy in frequency domain with number of component set to K is computed in a certain domain X

(X=I,C,F,L,CL,CLN), the overall average of SD and SDR weres calculated by using the following equations:

AvSD(X,K ) =

√√√
1

M

M∑
m=1

{
SD

[
Am ,
(
A(X)

m

)
K

]}2
, (16)

AvSDR(X,K ) = 10log10

⎧⎪⎨⎪⎩
1

M

M∑
m=1

10
SDR

[
hm,
(
h(X)
m

)
K

]
/10

⎫⎪⎬⎪⎭
. (17)

Changes of the average SD and SDR with number of component(s) K in each domain are plotted in Fig. 2 and

Fig. 3, respectively.
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From Fig. 2, it is found out that the least average SD is obtained for the domain L when the number of

component is less than 12. When the number of component is more than 12, the domains L and CL have

almost the same average SD, and they acquire the lowest values of average SD among all domains. They

correspond to the domains that the logarithm of the HRTFs is used for assembling the covariance matrix. The

domain C has the SD smaller and almost equal to the domains C and CL when the number of component is

increased. The average SD remains relatively large for the domains I and F.

From Fig. 3, the highest SDR is obtained for the domain C over all numbers of principal component. The

characteristics of that for the domain CL is similar to that of the domain L, and the domain CLN has the lowest

average SDR over all numbers of principal components. As a result, the proposed SPCA method does not have

the best characteristics, compared with the other domains. One possible reason for this incorrespondence in the

reconstruction accuracies between frequency and time domains is that the local difference in frequency domain

may bring about a relatively large difference in time domain. However, it is found that the acceptable accuracy

is achieved for the larger number of component in all domains except the domain CLN. At least the proposed

method is appropriate in the sense that the reconstruction accuracy for the domain CL is in the similar level to

that for all domains.
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Fig. 2. Change of average SD with number of com-

ponent(s) in six domains, respectively expressed as

AvSD(I,K ), AvSD(C,K ), AvSD(F,K ), AvSD(L,K ),

AvSD(CL,K ) and AvSD(CLN,K ) (K = 1,· · · ,40).
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Fig. 3. Change of average SDR with number of

component(s) in six cases, respectively expressed

as AvSDR(I,K ), AvSDR(C,K ), AvSDR(F,K ),

AvSDR(L,K ), AvSDR(CL,K ) and AvSDR(CLN,K )

(K = 1,· · · ,40).

4 CONCLUDING REMARKS
In this paper, the SPCA of the HRTFs using complex logarithm of the HRTFs with unwrapping of phase was

proposed. Although there exist the articles in which the logarithm of the HRTFs is applied to the SPCA, their

phase component are assumed to have minimum-phase. On the contrary, the proposed procedure requires no

such assumption. Moreover, the performance of this method was examined via the SPCA of a single HATS.

Summarizing the above results, the proposed SPCA procedure has the potential to reconstruct the HRTFs with

the smaller SD using the smaller number of principal components than those in the other domain.

The reconstruction accuracy was evaluated by mainly using the SD in this paper, but it is also necessary to

confirm the above mentioned feature via subjective experiment. This is regarded as one of the important future

work concerning the proposed procedure in this article.
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ABSTRACT 
The paper discusses across subject differences of measured Head Related Transfer Functions (HRTFs) in 
horizontal and vertical planes. The comparison was also done with reference to the results obtained with the 
use of an acoustic manikin. The work was done for an exemplary database available on-line and for the 
HRTFs measured with the use of a specific measurement setup in our laboratory. In the latter case, 
acquisition of HRTF pairs (left and right ear) was done at 370 sound source positions in the surrounding 
space with the use of two miniature microphones placed at the entrance to the blocked ear canal. Across 
subject differences of measured HRTFs were assessed in horizontal planes at various elevation angles. The 
results showed that HRTF is nearly symmetrical in the 300 Hz to 1 kHz frequency band. For frequencies 
above 1 kHz (more so above 5 kHz), as expected, the effect of interaural asymmetry increases due to 
filtering effect of complicated anatomical structures of pinnae. The influence of these effects differed 
among 15 subjects who participated in the study. The results obtained with the use of the acoustic manikin 
were not representative (as an average) for results with subjects. 
 
Keywords: HRTF, binaural hearing 

1. INTRODUCTION 
Head Related Transfer Functions (HRTFs) contain all the information allowing the listener to 

precisely locate the sound source in the surrounding three-dimensional auditory space. As the HRTF 
features are person related and depend on the anthropometrical measures, the best auralization results 
are obtained with the use of individualized HRTF functions. When this requirement is not fulfilled 
sound localization errors increase and the quality of the spatial auditory image worsens (1,2). The 
most reliable method of obtaining personalized HRTF is by direct measurement, which is, in general, 
time consuming and requires specialized measurement setup. Therefore, other approaches try to 
acquire usable HRTFs by either using an acoustic manikin, by modeling, or by selecting the most 
appropriate function from existing databases, e.g. (3–5).  

A general need for personalization of the HRTFs with the use of relatively simple methods has 
increased interest in assessing the differences among various HRTFs and finding general measures of 
the variability of HRTFs in horizontal and vertical planes (6–9). To assess the variability of the 
HRTF magnitude Jo et al. (6) tested the CIPIC database using spectral measure equivalent to 
Euclidian distance metrics, similar to the measure described further in this paper. Wideband analysis 
and analysis in 1/3-octave bands showed that large variability among the HRTFs occurs in front and 
back sound positions while small variations occur in high elevation angles. Zhong et al. (7) assessed 
HRTF variability for a group of 52 subjects measured in the laboratory, applying spectral analysis in 
the ERB bands (10). A band related interaural cross-correlation function was used to measure the 
symmetry of HRTFs in horizontal and median planes. In left-right direction, in condition in which 
the sound source was on the same side as the ear measured, the symmetry was greater than in 
condition in which the sound source was on the opposite side to the ear measured. In the former 
condition the HRTFs were symmetric in a frequency range up to 5 kHz, whereas in the latter 
condition only to 1 kHz. In median plane, a noticeable asymmetry occurs above 6 kHz. Genovese et 
al. (8,9) calculated the interaural time difference from the HRIRs (Head Related Impulse Responses, 
corresponding to HRTFs) of four major HRTF databases, assessed their variability in horizontal and 
vertical planes, and found largest differences of about 90 μs at 110° horizontally, and the differences 
decreased with elevation angle. 
                                                        
1 M.Jasinski@ire.pw.edu.pl 
2 J.Zera@ire.pw.edu.pl 
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The aim of this study was to assess the variability of HRTFs measured on a group of subjects, for 
the data taken from the LISTEN HRTF database (4), and with an acoustic manikin (HATS, Head and 
Torso Simulator). The comparison of HRTFs was done along horizontal (azimuth) and vertical 
(elevation) angles. 

2. The HRTF analysis 
In total, 66 HRTF pairs were analyzed. This included 15 subjects participating in our own 

measurements, the 50 sets of data from the LISTEN database (4), and HRTFs obtained with the use 
of Head and Torso Simulator (HATS, acoustic manikin). 

2.1 Measurements of the HRTF 
The HRTF measurements were conducted using similar measurement setup to that used in a 

previous study (11). The sound source was in fixed position and the subject was rotated in the sound 
field. The frequency responses were recorded with miniature microphones placed in blocked ear 
canals. 

The measurement setup consisted of an arc with 10 wideband (300 Hz−15 kHz) loudspeakers (GD 
12/8/2), fixed in position. The subjects and the acoustic manikin (Brüel & Kjær, B&K 4100-D) were 
rotated, with the use of the turntable (B&K 3921), against the loudspeakers placed at a distance of 
1.5 m measured from the center of the subject’s or the manikin’s head.  

The MLS signals were recorded using a pair of B&K 4101-A miniature binaural microphones. 
The microphones, 5.4 mm in diameter, were fixed at the entrances to the subjects’ ear canals. In the 
case of the B&K 4100-D manikin, HRTFs were recorded with B&K 4189 1/2-inch microphones 
which are the internal manikin microphones placed in a position corresponding to the entrance of the 
ear canal. 

2.2 Subjects 
Fifteen subjects, four women and 11 men, aged 19-29 years, participated voluntarily in the study. 

None of them had any visible asymmetry in the pinnae shape or their positions on the head. The 
measurements with subjects (and the manikin) were made in 370 sound source locations, at 36 
azimuth angles (from 5° to 355° in 10° steps plus 0° angle) and 10 elevation angles from -45° to 90° 
in 15° steps. 
 

2.3 LISTEN Database 
LISTEN Database contains a set of HRIRs (Head Related Impulse Responses) of 51 subjects. For 

each subject, the database includes 187 HRIR pairs measured with different horizontal density in 10 
evenly spaced elevation angles ranging from -45° to 90°, in 15° steps. In the horizontal plane, the 
data covered a range from 0° to 360° in 15°, 30°, and 60° steps, respectively for elevation angles 
from -45° to 45°, at 60°, and 75°. A single HRIR pair represents a 90°elevation angle (4). 

The LISTEN database was chosen as its data structure represents similar angles in the vertical 
plane. Only 50 subjects were taken from the database as the data for one of the subjects are flawed by 
artifacts, which was noted by Genovese et al. (8). 

2.4 Root Mean Square Difference 
The comparison of the HRTFs was made by calculating the Root Mean Square Difference 

(RMSD) of a HRTF pair, according to the equation (1): 
 

	𝑅𝑀𝑆𝐷 = 	
1

√𝑛
	*∑ (𝐻𝑅𝑇𝐹𝐿,𝑛 − 	𝐻𝑅𝑇𝐹𝑅,𝑛)

2,𝑛   (1) 

 
where HRTFL,n and HRTFR,n are the HRTFs for the left and right ears, and n is the number of discrete 
frequency points in the HRTF vector. This measure was also used in our previous study (11) and is 
similar to that used by Jo et al. (6). 
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3. Results 

3.1 Horizontal plane 
Figure 1 shows the distribution of the RMSD values in a semi azimuthal plane, at 0° elevation 

angle. The upper row represents a condition in which the ear is on the same side as the sound source, 
i.e. the source is on the left side for the left ear, and on the right side for the right ear (both ears 
directly stimulated by the sound). The lower row represents a condition in which the ear is on the 
opposite side of the sound source, i.e. for the left ear the source is on the right side, and for the right 
ear the source is on the left side (ears shadowed from the sound).  

 

 
Sound source on the same side 

0.3 – 1 kHz 1 – 5 kHz 5 – 10 kHz 

   

Sound source on the other side 

0.3 – 1 kHz 1 – 5 kHz 5 – 10 kHz 

    
 

 

Figure 1 – RMSD measure of the left-right ear difference as a function of the semi azimuthal angle at 0° 

elevation. Upper row: the ear on the same side as the sound source. Lower row: the ear on the opposite side 

of the source (both ears shadowed). Conditions: mean over measured subjects (blue dashed line), mean 

over LISTEN database (green dash-dot line), acoustic manikin (red solid line) 
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The largest RMSD values were observed in the highest frequency range of 5-10 kHz (Figure 1, 
lower left panel). For the HRTFs measured in our laboratory (blue dashed line) the RMSD is 6-8 dB. 
For the data from the LISTEN database (green dashed line) it is by about 1-2 dB smaller than for 
measured HRTFs, in front and back direction (0° and 180°). Otherwise, the RMSD for measured and 
database data are similar. An important difference is apparent for the manikin (red solid line) for 
which, at side angles, the RMSD is as large as 10 dB and for front and back angles is less than 2 dB. 
The large RMSD for side angles must be related to a difference in the angle of the manikin left and 
right side position against the sound source during the measurements, which is not that important 
when the source is placed in the median plane (0° or 180°). At this angle, the simplified artificial 
manikin’s symmetry is dominating. For human subjects, the asymmetrical geometry of head and face 
does not allow for such a decrease in RMSD in the 5-10 kHz range (wavelength 3-6 cm) in 
front-back position of the sound source. Therefore, the individual RMSDs of subjects measured and 
taken from the database differed from each other and from the manikin’s RMSD, which resulted in a 
more even distribution in semicircle shown in Figure 1. Among subjects measured not more than five 
people showed the RMSD curves similar to that of the manikin’s (average difference within 2-3 dB), 
and for four subjects the differences were much larger (average difference 6-9 dB). 

In mid frequency range of 1- 5 kHz shown in Figure 1, middle lower panel, the conditions are 
qualitatively similar except that the RMSD values are smaller (3-4, 4-7, and 2-8 dB for the measured 
subjects, the database, and manikin, respectively). The main difference is that RMSD values in 
front-back position of the sound source decreased more than for the side position, as compared to the 
5-10 kHz frequency range (averaged subjects’ results became more like the manikin’s data). The 
possible explanation of this finding is that in lower frequency range, thus for wavelengths of 6-30 cm, 
the individual face and head asymmetry among people are not that important. 

In mid frequency range of 0.3-1 kHz shown in the left lower panel in Figure 1, the RMSD values 
are much smaller than for the two higher frequency ranges. For the manikin (red solid line), and 
subjects measured in the laboratory (blue dashed line), the RMSD is less than 1.5 dB. For the 
LISTEN database the RMSD ranges from the 1.5 to 4 dB. For all conditions, there is a decrease in 
RMSD (much stronger for the database) at the 90° position of the sound source, which is likely a 
result of dominant role of the direct wave reaching the entrance of the ear canal with minimum 
interference from the pinnae, due to large wavelength. 

In the condition of the both ears exposed to the sound source shown in upper panels in Figure 1, 
the RMSD values are less than 1.5 dB in the low frequency range (upper left panel) and less than 
4 dB in the mid frequency range (upper middle panel). Some decrease in the RMSD is also seen in a 
frequency range of 5-10 kHz (upper left panel in Figure 1). Unlike the conditions shown in lower 
panels of Figure 1, the pattern of the RMSD angular distribution is similar for subjects (either 
measured or for HRTFs from the LISTEN database) and the manikin. For all frequencies the RMSD 
for the manikin is less than 2 dB and is much smaller than for subjects. This indicates an importance 
of indirect waveform reaching the side of the head for creating the differences in the measured 
HRTFs, and again the significance of the geometrical asymmetries among heads and pinnae (as for 
perfectly symmetric manikin the RMSD values in “exposed” condition are definitely small). 

3.2 Vertical planes 
Figures 2 and 3 show the distribution of the RMSD values for all elevation angles, respectively in 

median plane (azimuthal angle 0°-180°) and transverse plane (azimuthal angle 90°-270°). In Figure 2, 
the upper row represents conditions in which the sound source is at the front of the head, and the 
lower row represents conditions in which the ear is behind the head. In Figure 3, the conditions are 
similar to those in Figure 1, the upper row represents conditions in which the ear is on the same side 
as the sound source, and the lower row represents conditions in which the ear is on the opposite side 
to the sound source. As a general tendency, in data for both vertical planes, it may be noticed that in 
horizontal plane with a 0° elevation angle the largest RMSD values were obtained in high frequency 
range of 5-10 kHz. In addition, the lowest value was obtained for the 90° elevation angle, i.e. with 
the sound source positioned over the head. 
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Sound source on the same side 

0.3 – 1 kHz 1 – 5 kHz 5 – 10 kHz 

   

Sound source on the other side 

0.3 – 1 kHz 1 – 5 kHz 5 – 10 kHz 

   

 

Figure 2 – RMSD measure of the left-right ear difference as a function of the elevation angle in median 

plane. Upper row: the sound source in the frontal position (0° azimuth). Lower row: the sound source in the 

back position (180° azimuth). Conditions: mean over measured subjects (blue dashed line), mean over 

LISTEN database (green dash dot line), acoustic manikin (red solid line) 
 
In the frontal sound source position (Figure 2, upper panels), in each frequency range the RMSD for 

people (either measured subjects or data from the database) is much larger than for the manikin. For 5 – 
10-kHz frequency range, the largest RMSD for subjects measured in the laboratory occurs at an elevation 
angle of 15° - 30° above the horizontal plane, whereas for the database at -30° (below the horizontal 
plane). For mid and low frequencies (Figure 2, upper middle and left panels) there is a similar 
difference, but less pronounced. In the back sound source position (Figure 2, lower panels) and for 
the 5-10 kHz range (left panel) the RMSD is larger for negative elevation angles for HRTFs 
measured in the laboratory, and larger for positive elevation angles for data from the database. In mid 
frequencies (Figure 2, lower middle panel) the RMSD is less than 4 dB for data from the database, 
less than 2.5 dB for subjects measured in the laboratory and especially small (below 1.5 dB) for the 
manikin. It is apparent that, in the low frequency range (Figure 2, lower lest panel), the RMSD is less 
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than 1.5 dB for subjects and less than 1 dB for the manikin. In summary, the data seen in the lower 
panel in Figure 2 show that the localization of the sound source in the back head position may be 
ineffective. But on the other hand, the variability in HRTF functions is the smallest being not critical 
for HRTF personalization. 

 
Sound source on the same side 

0.3 – 1 kHz 1 – 5 kHz 5 – 10 kHz 

   

Sound source on the other side 

0.3 – 1 kHz 1 – 5 kHz 5 – 10 kHz 

   

Figure 3 – RMSD measure of the left-right ear difference as a function of the elevation angle in the 

transverse plane (90°-270° azimuth). Upper row: the ear on the same side as the sound source. Lower row: 

the ear on the opposite side to the source (both ears shadowed). Conditions: mean over measured subjects 

(blue dashed line), mean over LISTEN database (green dash dot line), acoustic manikin (red solid line) 

 
Left-right conditions presented in Figure 3 are essentially quite different from those shown in 

Figure 2. In Figure 3, the 0° elevation angle corresponds to 90° horizontal angle in Figure 1. In 
Figure 2, the 0° elevation angle corresponded to either 0° or 180° horizontal angle in Figure 1 (either 
upper or lower panels). Therefore, unlike as in the Figure 2 data for the manikin at 5-10 kHz (Figure 
3 lower right panel) show large (more than 8 dB) RMSD for 0° of elevation angle. This value quickly 
drops to less than 1 dB for elevation angle increased to 90°. In summary, data shown in Figure 3 for 
the left-right position of the sound source similarly to that front back source position in Figure 2, 
indicate that variability in HRTF functions vastly decreases for elevated position of the sound source 
up to the position above the head (90°). 
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4. CONCLUSIONS 
In this study, the variability of HRTFs measured on a group of subjects, on an acoustic manikin 

(HATS, Head and Torso Simulator), and the HRTFs obtained from the LISTEN database were 
assessed. Results showed that the variability among subjects measured by the proposed RMSD 
parameter is large in a frequency range above 5 kHz, slightly decreases in 1-5 kHz range and is 
minimal below 1 kHz. The results of measurements in our laboratory were not significantly different 
from the data of LISTEN database.  

The study showed that the manikin does not represent mean spectral RMSD values of the human 
subjects’ population. Thus, even in such a statistical sense, the manikin’s HRTFs cannot be 
successfully used for creating spatial images. Only in specific circumstances one may expect a 
similarity of the manikin’s and a subject’s HRTFs. 

Symmetrical heads, like that of the HATS’ are characterized with large geometrical symmetry 
across the median plane. This results in small RMSD values with an increase of the elevation angle, 
and thus small distinction, both in horizontal and vertical planes, of sound sources located as 
elevated over the horizontal plane. The right-left ear symmetry, across all frequency bands, also 
increases for subjects with the increase of the elevation angle of the sound source, however to lesser 
extent than for the manikin. 

The results show that HRTF might be considered left-right ear symmetrical in the lower frequency 
band (300 Hz – 1 kHz). The symmetry is likely compensated by the Interaural Time Difference (ITD) 
in this frequency range.  
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Abstract
Multizone reproduction has gained significant interest in recent years for its advantage that listeners can enjoy
their personal audio without physical isolation or wearing headphones. However, study of multizone reproduc-
tion has been focused on reproducing sounds in an empty listening space. The scattering effects of the human
and objects in sound zones are often neglected, causing degraded system performance. In this work, we focus
on reproduction on a 2D horizontal plane using 3D secondary sources, i.e., 2.5D reproduction. Through exper-
iments we show how scatterers such as human head and body in sound zones influence reproduction results.
A modal-domain method for 2.5D multizone reproduction with an active control strategy to correct the scatter-
ing effects is proposed. The method is based on modelling the human head as a rigid sphere, based on which
analytical expressions are developed to represent the scattered sound field. The method is validated through
experiments using a 48-element circular loudspeaker array. Experimental results especially show the improved
acoustic contrast performance using the proposed method.

Keywords: 2.5D multizone reproduction, mode matching, scatterer

1 INTRODUCTION
Nowadays, the development of multizone sound field reproduction has attracted more and more attention. It can

provide a variety of different experiences for listeners in open space, such as listening to music or watching

movies in specific areas, and simultaneously generating quiet regions using a single array of loudspeakers [1, 2].

It provides significant flexibility because there is no need for listeners to wear headphones or set separate

isolation. Lots of methods have been proposed to achieve multizone sound field control, among which the

representative ones are: acoustic contrast control (ACC) [3], pressure matching (PM) [4], the combination of

ACC and PM [5] , and model-domain based reproduction [6, 7, 8]. A practical implementation is to control

2D desired fields using 3D point sources, known as 2.5D reproduction [9, 10]. Algorithms proposed in recent

years have gradually evolved from single frequency based design to broadband reconstruction [11, 12]. Such

improvement will promote the implementation and applications of multizone sound field reproduction.

Multizone reproduction is usually designed in an empty listening space, and most existing works assumed that

there is no scatterer within the control region. In practice, the listener exists in these sound zones, producing

scattered sound fields which will inevitably leak into adjacent pre-defined reproduction regions. Similar to the

effects due to reverberation, the scattering effects generally degrades the reproduction performance. Experimental

results proved that the scattering effects from listeners causes around 8 dB acoustic contrast loss [13]. Until

now, only a few research works have been carried out to test and correct the influence of scatterers. Betlehem

and Poletti [14] devised a method for sound field reproduction around a solid object in a reverberant room.

Chang provided an improving control method to correct the scattering effects on the sound focused personal

audio system [15]. However, both of these methods are based on multi-point control method, which requires

many microphones to be placed at the control points which are uniformly placed within the sound zone. A

modal-domain approach was recently developed to correct the scattering effects and achieve optimal control
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Figure 1. Geometry of multizone sound control with a scatterer inside the bright zone.

over the entire region [16]. Simulation results showed that the proposed method can improve the reproduction

performance over a wide frequency range and a certain angle range in the free field environment.

The research works mentioned above are mainly base on theoretical studies and computer simulations, and very

few experimental validations have been provided. In this paper, we present experimental validation of the pro-

posed active scattered filed control in [16] using a circular loudspeaker array. In the reproduction stage, the

acoustic transform function (ATF) is measured by a spherical microphone array, and the generated sound field

is measured by an electret condenser microphone array in a semi-anechoic environment enclosed by acoustic

baffles. In addition, the actual scattering effects and effectiveness of the active control were discussed. The

remainder of this paper is organized as follows: the scattered field control theory for 2.5D multizone reproduc-

tion is revisited in Section 2. Section 3 introduces the experimental implementation of the proposed method.

The experiment results and the detailed discussion are showed in Section 4. Finally, we summarize the research

work in Section 5.

2 ACTIVE CONTROL OF THE SCATTERED FIELD
The geometry of multizone sound control with a scatterer inside the bright zone is shown in Figure 1. When

the virtual source comes from the exterior of the control region, the sound field at an arbitrary point includes

two parts: the incident field coming from the virtual source directly and the scattered field caused by the human

head and body inside of the bright zone.

2.1 Sound field modal
The sound field at the observation point x can be represented as [16],

P(x,k) = Pin(x,k)+Psc(x,k). (1)

where k = 2π f/c is the wave number with c the speed of sound and f being the temporal frequency, and

superscript (·)in and (·)sc denote the incident field and scattered field, respectively.
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2.1.1 Incident sound field
In 2.5D reproduction, the desired field is on a 2D plane, i.e., the plane is at elevation angle θ = π/2, thus the

incident sound pressure can be expressed in the form [17],

Pin(x,k)≈
N0

∑
m=−N0

N0

∑
n=|m|

β in
nm(k) jn(k‖x‖)Y m

n eimφx , (2)

where Y m
n =Cm

n Pm
n (0) and Cm

n =
√
((2n+1)(n−|m|)!)/(4π(n+ |m|)!). jn(·) is the spherical Bessel function of

order n, and β in
nm(k) is the modal coefficient. The truncation order N0 = �ekr0/2� [18], where r0 is the radius

of the region of interest, e is the Euler’s number, and �·� denotes the ceiling function. Similarly, the incident

sound field at any observation point xb ≡ (‖xb‖,φxb) within the bright zone can be written as,

Pin
b (xb,k)≈

Nb

∑
μ=−Nb

Nb

∑
ν=|μ|

α in
νμ(k) jν(k‖xb‖)Y μ

ν eiμφxb , (3)

where α in
νμ is the corresponding sound field coefficients. The truncation order is Nb = �ekrb/2�, where rb is the

radius of the bright region.

Using the Bessel function addition formula [19], the bright zone sound field coefficients α in
νμ in (3) can be

related to the global sound field coefficients β in
nm in (2) as,

N0

∑
m=−N0

N0

∑
n=|m|

β in
nm(k)T

mμ
nν (ob,k) = α in

νμ(k), (4)

where ob is the vector that points from the global origin to the origin of the bright zone, and

T mμ
nν (ob,k) = 4πiν−nW1W2

∞

∑
�=0

il(−1)
2m−μ

j�(k‖ob‖)Y�(μ−m)(θob ,φob)
√
(2n+1)(2ν +1)(2�+1)/4π, (5)

with

W1 =

(
n ν l
0 0 0

)
,W2 =

(
n ν l
m −μ (μ −m)

)
(6)

denoting the Wigner 3− j symbol, and (·) represents the complex conjugate.

We can represent (4) in matrix form as,

Tbb = ain
b . (7)

where b = [β in
0 , . . . ,β in

n2+n+m+1
, . . . ,β in

(N0+1)2 ]
T , ain

b = [α in
0 , . . . ,α in

1+ν2+ν+μ , . . . ,α
in
(Nb+1)2 ]

T , and Tb is the (Nb +

1)2× (N0+1)2 translation matrix. Similarly, the matrix Td denotes the translation matrix from the global region

to the dark zone.

2.1.2 Scattered sound field
In order to parameterize the scattered field, we model the human head as a rigid sphere. By applying the

boundary condition on its surface, which is the particle velocity perpendicular to the surface is zero [17], the

scattered field at the observation point xb within the bright zone can be written as,

Psc
b (xb,k)≈

Nh

∑
μ=−Nh

Nh

∑
ν=|μ|

αsc
νμ h(1)ν (k‖xb‖)Y μ

ν eiμφxb , (8)

where h(1)ν (·) represents the outing spherical Hankel functions. The scattered field modal coefficients αsc
νμ can be

calculated using the relationship αsc
νμ = (− j

′
ν(ka)/h(1)

′
ν (ka))α in

νμ , where (·)′ denotes the corresponding derivative.

The truncation order is Nh = �eka/2� with a the radius of the human head.

3065



For observation points within the dark zone, the scatterer can be viewed as an exterior source. Thus, the sound

pressure of the observation point xd within the dark zone can be written as,

Psc
d (xd ,k)≈

Nd

∑
u=−Nd

Nd

∑
v=|u|

ζ sc
vu jv(k‖xd‖)Y u

v eiuφxd , (9)

where Nd = �ekrd/2�, and rd is the radius of the dark zone. Analogous to (4), based on the corresponding

addition theorem for h(1)ν (k‖xb‖)Y μ
ν (θxb ,φxb) [19], we have

Nh

∑
μ=−Nh

Nh

∑
ν=|μ|

αsc
νμ Sμu

νv (obd ,k) = ζ sc
vu , (10)

where

Sμu
νv (obd ,k) = 4πiv−νW3W4

∞

∑
�=0

il(−1)
2μ−u

h�(k‖obd‖)Y�(u−μ)(θobd ,φobd )
√
(2ν +1)(2v+1)(2�+1)/4π, (11)

with the vector obd = ob −od , and W3 and W4 denote Wigner 3− j symbol.

The matrix-vector notation of (10) is

Sbdasc
b = csc

d . (12)

where asc
b = [αsc

0 , . . . ,αsc
ν2+ν+μ+1

, . . . ,αsc
(Nh+1)2 ]

T , csc
d = [ζ sc

0 , . . . ,ζ sc
v2+v+u+1

. . . ,ζ sc
(Nd+1)2 ]

T , and Sbd is the (Nd +

1)2 × (Nh +1)2 translation matric.

2.2 Modified formulation and control
In the previous work [10], we formulated the multizone reproduction problem in the modal domain as obtaining

the global sound field coefficients b to generate a desired sound field within bright zone which characterised

by its local coefficients ain
b . The energy of the dark zone and entire global sound field were set as constraints

for the optimization problem. Then, we proposed a modified formulation, which reduced the energy of both the

incident and scattered fields in the dark zone [16]. That is,

min
b

‖Tbb−ain
b ‖2 (13)

subject to ‖(Td +Rd)b‖2 ≤ ed (13a)

‖b‖2 ≤ eg, (13c)

According to (12), the scattering components are linked to the incident sound field and the global components,

that is

csc
d = Rdb (14)

where Rd = SbdQETb represents the translation matrice from the bright zone to the dark zone. The matrix

Q = diag
(− j

′
0(ka)/h(1)

′
0 (ka), . . . ,− j

′
Nh
(ka)/h(1)

′
Nh

(ka)
)

is a diagonal matrix, and the matrix E is used to pick the

first (Nh +1)2 elements of the vector Tbb given the truncation order of the scattered field in the bright zone is

Nh. Solving this constrained optimization problem, we can obtain the global coefficients b.

2.3 2.5D weighted mode matching reproduction
The aim of the multizone sound field reproduction is to choose the loudspeaker driving signals to generate a

desired sound field Pin(x,k) at each position x in the control region D. The control region shall be circular of
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MM-4XP Miniature
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ELectret microphone
Array

(a)
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Figure 2. (a) Illustration of the setup of the 2.5D reproduction system, (b) experimental layout: A KEMAR

Head and Torso Simulator is placed at the center of the bright zone within a 48-channel circular loudspeaker

array in a semi-silent environment.

radius r0 centered about the origin as shown in Figure 1. The global sound field generated by an array of L
loudspeakers can be represented as,

P(x,k) =
L

∑
�=1

d�(k)G�(x,k), (15)

where G�(x,k) represents the ATF between the �th loudspeaker and the observation point x in the global system.

d� is the �th loudspeaker driving signal.

We adopt the weighted mode matching approach to minimize the weighted least squares error over the entire

control region [16]. By referring to (2) and (15), the cost function can be written as,

J(d,k) =
1

2π

∫
D

∣∣∣P(x,k)−Pin(x,k)
∣∣∣2dx. (16)

Until now, we can obtain the loudspeaker driving signals by solving this cost function. The reader is encouraged

to refer to [16] for a detailed derivation of the theory behind the design.

3 IMPLEMENTATION
As mentioned in Section 2.1.2, the proposed active scattered field control is based on assuming the human head

as a rigid sphere. However, for human listeners, the effects of the scatterer are not only due to the human head,

but also the human body (including shoulders, neck, and clothes, etc.). Therefore, it is necessary to validate

the proposed theory on a human body, such as a head and torso simulator. The illustration of the measurement

setup and experimental layout are showed in Figure 2(a) and (b), respectively.

3.1 Acoustic transform function measurement
In the reproduction stage, we measure the ATF between the loudspeakers and observation points [16] to obtain

the loudspeaker driving signals. The room environments and sensor errors are very sensitive to sound field

reconstruction, so the accurate measurement of ATF is very important. High order spherical microphone array

is a good choice in 3D sound field coefficient extraction [20]. In our experiment setup, the global control region

is a circular area of radius 1 m. Due to the limited observation range of a single microphone array, we often

need a distributed microphone arrays to complete ATF measurement over this large area [21].

In our experiment, we use the MH Acoustics’ Eigenmike EM32 to capture the sound pressure produced by the

loudspeaker. We move a single Eigenmike along a horizontal circle (assuming stationary conditions) [21] to

capture the global sound field. This strategy not only reduces the hardware costs, but also avoids perturbations
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of the scattering effects when Eigenmikes are set nearby for the measurement. A five second-long exponential

sweep from [20,20000] Hz frequency range is feed to each loudspeaker as an excitation signal [22].

3.2 Hardware implementation
The experiment is conducted in the Acoustics and Audio Lab at the Center of Intelligent Acoustics and Immer-

sive Communications (CIAIC), Northwestern Polytechnical University. The measurements are performed at a

sampling frequency of 48 kHz using a Dante audio interface. As shown in Figure 2(a), Dante network provides

all the experimental equipments with a synchronized clock. The loudspeaker driving signals are sent by the

Mac Pro to the switch, then to the sound card Focusrite Rednet3. Finally, the signals are sent to the speaker

through the sound card. The Meyer Sound MM4XP miniature analog loudspeakers are powered by MPS-488P

Power Supply devices, and we use the ADA8200 as the D/A converter to convert the digital driving signals to

the loudspeaker analog input signal. In Figure 2(b), a circular array of 48 loudspeakers are used to synthesize

sound field in a two dimensional 2D plane levelled with the listener’s (or the mannequin’s) ears. The GRAS

45BB KEMAR Head and Torso Simulator wearing a T-shirt is placed at the original of the local bright zone.

The loudspeakers are equally spaced on a circle with a radius of 1m. The acoustic barriers enclose the circular

loudspeaker array to create a semi-anechoic environment, which is used to match the simulation condition used

in [16]. After the ATF encoding is completed, we send the driving signals to the loudspeaker array to reproduce

the global sound field. Finally, an electret condenser microphone array is used to measure the reproduced sound

field within different listening zones.

4 EXPERIMENTAL VALIDATION
In this section, we present the experimental setup and discuss the measurement results.

4.1 Experimental measurement setup
We evaluate the reproduction performance over a broadband frequency range [100,1000] Hz and angle range

[0o,180o]. The desired field is a plane wave with an amplitude of A = 1 coming from the azimuth angle φpw.

For the evaluation along with frequency, the coming angle of the plane wave is φpw = 120o. For the evaluation

along with angle, the frequency of the plane wave is 600 Hz. For both cases, we set the energy constraints

in the dark zone and global region to ed = 0 dB and eg = 20 dB. Each sound zone has a radius of 0.15 m.

The bright zone and dark zone are located at ob = (0.4,0) and od = (−0.4,0) with respect to the global origin,

respectively.

4.2 Evaluation indicator
The evaluation indicator is the acoustic contrast κ(k) between the bright zone and dark zone,

κ(k) = 10log10

1
Vb

∫
Db

∣∣∣P(x,k)
∣∣∣2dx

1
Vd

∫
Dd

∣∣∣P(x,k)
∣∣∣2dx

(17)

where P(x,k) represents the reproduced sound field at a point within the bright zone Db or the dark zone Dd .

Vb and Vd denote the area of the bright zone and the dark zone, respectively.

4.3 Experiment results and discussion
We evaluate the acoustic contrast over a broadband frequency range and a certain angle range. The blue, black

and red lines correspond to the case that there is no scatterer (Incident) [10], using the traditional method

without scattered field control (Scattered), and using the proposed scattering control method (Proposed) [16].

Performance results in Figure 3(a) shows that the scattering effects of the KEMAR mannequin head and body

on the reproduction performance can not be ignored, the acoustic contrast has 0.1 − 4.8 dB loss when the
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Figure 3. Acoustic contrast along with a broadband frequency range and a wide angle range.

KEMAR mannequin is inside the bright zone. Especially at 600 Hz, the acoustic contrast loss is up to 4.8 dB.

Using the proposed method, about 0.1− 3.1 dB gain in acoustic contrast is achieved in the frequency range

[500,1000] Hz. In Figure 3(b), the acoustic contrast has 0− 3.5 dB loss over the angle range [0o,180o]. The

proposed active control method can improve the performance within the range [70o,130o]. It is noteworthy that

there is around 6.5 dB acoustic contrast improvement at 100o.

5 CONCLUSIONS
In this work, we presented an active control of scattering effect in 2.5D multizone reproduction with experimen-

tal validation. Based on wave modelling theory and translation theorem, we developed analytical expressions

of the incident and scattered fields for the global region and each sound zone. We then proposed an active

control strategy to correct the scattering effects and used the weighted mode matching approach for reproduc-

tion. The experimental results showed that the scattering effects produced by the human head and body severely

degrade the reproduction performance. The proposed scattered field control method is based on the assumption

of modeling the human head as a rigid sphere and can achieve acoustic control improvement over a broadband

frequency and angle range. Future work will investigate incorporating the human torso scattering effect into the

control and examine the proposed method in reverberant environments.
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Abstract
To reproduce sound field accurately, local sound field synthesis(Local SFS) with virtual loudspeakers that are
placed densely around a local listening area have been proposed. In local SFS, it is necessary to limit the size
of the listening area. Thus, a listener’s head can move out of a listening area due to the natural movement of the
listener. In this paper, we propose the concept of a dynamic sound field synthesis system which can moves the
sound field synthesis area so as to track the listener’s head to allow the listener’s movement. For the purpose
of facilitating the construction of the massive loudspeaker system in an ordinary room, we utilize a playback
system based on a high-speed 1-bit signal that can directly drive a loudspeaker. The proposed system can
move the listening area by switching the corresponding local SFS signals obtained from the database including
the source signals convolved with the driving functions to reproduce the multiple local area. In simulation
experiments, reproduction errors of dynamic local and ordinary SFSs for a plane wave are compared to evaluate
the accuracy of sound field by dynamic local SFS.
Keywords: Sound Field Reproduction, delta-sigma modulation, Digital Loudspeaker Array, CPU/FPGA
SoC

1 INTRODUCTION
Recently, many techniques for physical sound field synthesis (SFS) have been studied such as wave field syn-
thesis (WFS)[1, 2], higher-order ambisonics (HOA)[3, 4], boundary surface control (BoSC)[5], etc. In physical
SFS, broadly arranging and controlling a large number of loudspeakers in a room is necessary. Thus, as the
number of loudspeakers increases, the implementation cost rises. In our previous studies[6, 7, 8], the scale of
reproduction system is small enough to construct a physical sound field reproduction system in a small room
of an ordinary home, by utilizing a digital loudspeaker array which removes A/D converters and amplifiers.
To improve synthesis accuracy at frequencies higher than the spatial Nyquist frequency corresponding to the
loudspeaker density, local SFS techniques have been studied[9]. To enable the listener to move freely in local
SFS, the local reproduction area must track the movement/location listener’s head.
In this paper, we introduce the concept of dynamic local SFS system using digital loudspeaker with multi-
channel 1-bit signal. In addition, the reproduction errors of dynamic local SFS and ordinary SFS for a plane
wave are compared to evaluate reproduction accuracy of dynamic local SFS by simulation experiments.

2 DYNAMIC LOCAL SOUND FIELD SYNTHESIS
Figure.1 shows the concept of dynamic local SFS. In general[10], the reproduced sound field P(x,ω) inside the
region V enclosed by loudspeakers is represented as,

P(x,ω) = ∑
x0∈X0

D(x0,ω)G(x0,x,ω) (x ∈V ), (1)
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where ω denotes the angular frequency, D(x0,ω) is driving function of a loudspeaker located at position x0(∈
X0), and G(·) a Green’s function[10].In most physical SFS, the reproduction region is the entire region V
enclosed by loudspeakers. However, in local SFS, the reproduction area is spatially limited to VL to improve
the reproduction accuracy at higher frequencies[9]. Many local SFS methods have been studied such as using
focused sources, pressure-matching method, BoSC, etc.[5, 9, 11].
Now, consider the driving functions of loudspeakers to reproduce the sound field S(x,ω) in region VL. In
SFS using pressure-matching, BoSC method, or other pressure controlling methods, the driving function of
loudspeaker x0 D(·) is derived by

D(x0,ω) = ∑
x∈VL

S(x,ω)G−1(x0,x,ω), (2)

where G−1(·) is the inverse matrix of Green’s functions calculated by the least squares method,etc. Points x
controlled by loudspeakers are referred to as control points. In the BoSC method, the controlled points x are
restricted to the surface SL based on Kirchhoff-Helmholtz equation.
In the LSFS with focused sources, the driving function is derived by

D(x0,ω) = ∑
xvss∈Xvss

DL(xvss,ω)Dvss(x0,xvss,ω), (3)

where xvss(∈Xvss) denotes the coordinate of the virtual secondary source, DL(·) is the driving function of the
synthesizing virtual secondary source, and Dvss(·) is the driving function of the virtual secondary source.
To change the reproduction area for tracking listener’s head, the position of virtual secondary sources or control
points must be changed. When the relative position between the desired sound source and reproduced area is
changed by moving the sound source or reproduced area, both Dvss and S(x,ω) must be changed in Eqs.(2)
and (3). In addition, both DL(xvss,ω) and G−1(x0,x,ω) must also be changed by moving the reproduced area.
If the desired sound field is stable despite the spatial listening position such as a plane wave, then the change
in Dvss and S(x,ω) is negligible at the amplitude of the reproduced area.
To implement dynamic local SFS, driving functions of loudspeakers are changed adjusting the listener’s head
position detected by a censor. To track the head in real time, the reproduced area must be moved to detected
head position, before the head moves out of the area. In addition, the reproduced area should be moved with
an enough margin, because of delay times of censor detection, convolution of driving function and the other
processing times.
Unlike two-point sound pressure control techniques such as transaural system, local SFS can take the margin
for real-time processing by expanding the reproduced area. However, reproduction accuracy and processing cost
are changed by expansion of the reproduced area since the number of control points or virtual sources increases
to keep the density of control points or virtual sources. Thus, the size of margin for the reproduced area should
be decided in consideration of the trade-off between real-time factor and cost/accuracy of reproduction.

3 SYSTEM
3.1 Overview
Figure 2 shows a brief concept of the proposed dynamic local SFS system. In most techniques of local SFS,
a large number of loudspeakers must be placed around a room. The proposed system consists of three types
of units: a censor-unit to track a listener’s head, a master-unit that manages all 1-bit signals, and hub-units for
digitally driving loudspeakers.

3.1.1 Sensor Unit
The Sensor-Unit installed near the loudspeaker array detects the listener’s head movement and then sends the co-
ordinate of the listener’s head to the Master-Unit. To achieve dynamical local SFS without any wearing devices,
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Figure 1. Concept of dynamic local sound field reproduction. x0 denotes the coordinate of the loudspeakers
placed on the closed surface S; blue and red points are the coordinates of the virtual secondary source placed
on the closed surface SL and SL

′; and S(·) is the sound field of the desired virtual source, SL and S′L.
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non-contact depth sensors such as Microsoft Kinect or Intel RealSense is desirable to obtain the coordinate of
the listener’s head.
When the reproduction area is simply switched as shown in Fig.1, it is desirable that the reproduction area is
updated until the center of head is distant about 20% of the diameter of the area from the center of area[12].
For example, a frame rate of Intel Real Sense D435i is 30 frame/sec. When the diameter of the reproduction
area is 0.40 m and a distance of the listener’s ears is 0.16 m, the available speed of listener’s head tracked
by reproduction area is about 2.4 m/sec without any delay time of processing to keep the distance between the
head and the center of area within 0.08 m. Thus, when taking delay times of processing time into consideration,
detection rate is high speed enough to track the listener walking inside the system.

3.1.2 Master Unit
A CPU/FPGA-integrated board is used for the main part of the Master-Unit. The FPGA is suitable for the
signal processing which requires high-speed digital synchronization such as the generation of clock signals at
frequencies of several megahertz, signal buffering, serializing, and dividing signals. The master unit receives
the coordinate information of the listener’s head from the Sensor-Unit involving the image processing with the
external depth sensor. The CPU inside the main SoC requests the all-channels 1-bit signals from the storage
device to synthesis sound field in the local reproduction area corresponding to the position of listener’s head.
The all-channels 1-bit signals are sent to the FPGA and then split into the serialized 32-ch 1-bit signals to
send it to the each Hub-Unit. The serialized 32-ch 1-bit signals and two types of clocks: a master-clock and
a frame-clock were sent to each Hub-Unit in differential form via three twisted-pair cables, such as a shielded
CAT5e LAN cable which consisted of four twisted-pair cables.

3.1.3 Hub Units
Each Hub-Unit receives a master clock, a frame clock, and a serialized 32-ch 1-bit from the Master-Unit. The
FPGA divides a serialized 32-ch 1-bit signal into each single-channel high-speed 1-bit signal based on the
master-clock and the frame-clock. Then, the single channel 1-bit signal is sent to non-inverted and inverted
CMOS buffers for increasing drive voltage of loudspeaker and remove a DC component. The loudspeaker is
directly driven by the 1-bit signal since it can be restored to the original analog signal by passing the high
speed 1-bit signal through a low pass filter. This type of fully-digital loudspeaker system is called as digital
loudspeaker array[]. However, typical CMOS buffers are not designed to drive loudspeakers, but in the case of
physical SFS in an ordinary small room, wavefront control is enough possible without a power amplifier.

4 SIMULATION
The loudspeaker’s driving function depends on the positional relationship between the loudspeaker and the local
reproduction area as stated Eq.2. Thus, the accuracy of the local reproduction area may differ depending on its
position. By simulation, the accuracies in different local reproduction area with pressure matching method are
compared. In simulation the Sound Field Synthesis Toolbox for MATLAB(SFS Toolbox ver. 2.4.2)[13] is used.
Table 1 lists the simulation condition. To evaluate reproduction accuracies in the different local area with two
reproduction methods; matching points and VSS with time reversal method, reproduction error is defined by

Error(xi,ω) = 10log10
|Pd(xi,ω)−Ps(xi,ω)|2

|Pd(xi,ω)|2
, (4)

where Pd and Ps denote the desired complex sound pressure and the estimated complex sound pressure, respec-
tively. Figure 3 shows the map of reproduction error in different reproduction areas by using PM method. As
shown in the upper side of Fig.3(a)–(d) for matching point method, the reproduction error is almost same de-
spite of the position of reproduced area. However, the reproduction error was increased only when the center of
the reproduction area was placed in the direction of the sound source as shown in Fig.3(e) for matching point
method. On the other hand, reproduction error becomes worse in local SFS with time-reversal VSS, when the
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Table 1. Simulation Condition
Diameter of circular loudspeaker array [m] 4.0
Number of loudspeakers 84
Loudspeaker interval [m] 0.15
Number of matching point 3000
Radius of reproduced area [m] 0.2
SFS method (Condition 1) Pressure Matching
SFS method (Condition 2) VSS with time-reversal method
Number of VSS 100
Plane wave propagation direction Y-axis negative

-60 -40 -20 -0 20
(a) (b) (c)

Error[dB]

(d) (e)

(f) (g) (h) (i) (j)

Figure 3. Reproduction errors at different reproduced area. Figs.(a)–(j) show the error of the local reproduction
area at 8 kHz. From the right to the left, the center of reproduction area are [0.0 m, 0.0 m], [1.0 m, 0.0 m],
[0.0 m, -1.0 m], [0.0 m, 0.8 m], [0.0 m, 1.0 m], respectively.
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reproduction area is deviated from the center.

5 CONCLUSION
In this paper, we proposed the concept of dynamic local SFS system using a digital loudspeaker array and
evaluate the accuracy of the dynamic local SFS by 2D simulation. The simulation results show that local
SFS using PM method maintains higher accuracy at higher frequency by moving the position of the local
reproduction area. In the future works, we will physically evaluate dynamic local SFS by using the proposed
system.
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ABSTRACT 
The parametric array loudspeaker (PAL) is an unconventional type of directional sound source that transmits 
inaudible ultrasonic frequencies in air to generate the audible difference frequency based on the parametric 
array effect. The convolution model describes the beampattern of the PAL by convolving the product 
beampattern with the Westervelt beampattern. As a result, the beamwidth of the PAL becomes narrower when 
the difference frequency increases. A change of timbre is therefore perceived when people stand at an off-axis 
angle of the PAL. Hence, a constant beamwidth beamformer is required. This paper works on the beamformer 
design to result in the product beampattern that becomes broader when the difference frequency increases, in 
order for the Westervelt beampattern to be compensated. A constant half-power-beamwidth (HPBW) is 
successfully achieved for the typical frequency range of the PAL. 
 
Keywords: Parametric array loudspeaker, Beamformer design, Constant beamwidth 

1. INTRODUCTION 
The principle of the PAL is explained by the parametric array effect (1, 2). When two ultrasonic 

frequencies are transmitted together, the acoustic energy of the ultrasonic frequencies is transferred 
into new frequencies by the nonlinearity of air. Among those new frequencies, the difference 
frequency can be made audible to human beings (3, 4). The difference frequency inherits the narrow 
beam of ultrasonic frequencies. Therefore, the PAL is known to be one of the most effective means to 
create a directional sound beam (5, 6). A typical design of the PAL consists of a driver circuit and an 
array of ultrasonic transducers. One of the two ultrasonic frequencies is set as the carrier frequency and 
the other is given by the sideband frequency. 

PALs can be readily deployed in applications of sound field control, whereby tailored enhancement 
and attenuation of acoustic components are required (7, 8). With phased array technique, PALs possess 
controllable beampatterns. They are also known as steerable PALs (9, 10). There have been several 
attempts to develop sophisticated array signal processing methods for the steerable PAL (11, 12). 
However, the theoretical works are far from practical implementations, because of a lack of effective 
directivity models. Since 2015, the convolution model has been established, providing an accurate 
directivity model for the PAL (13). The convolution model has opened an opportunity in the 
beampattern design of the PAL. The desire for a constant beamwidth originates from the timbre 
variation perceived by people standing at an off-axis angle of the PAL. Therefore, this paper presents 
a constant HPBW beamformer specially designed for the PAL consisting of 100 ultrasonic transducers. 

2. CONVOLUTION MODEL OF PALS 
The well-known Westervelt’s directivity , or called the Westervelt beampattern in this paper, 

is expressed as 

tan
 

(1) 

where is the difference frequency; is the speed of sound; and are the absorption 
coefficients of the two ultrasonic frequencies. Sometimes,  is approximated, where 
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 is the absorption coefficient of the center frequency. The Westervelt beamwidth gets narrower 
when  increases or  decreases. Figure 1 shows the Westervelt beampattern and HPBW with 
respect to the difference frequency when the carrier frequency is 40 kHz.  

 
Figure 1 – Westervelt beampattern and beamwidth for a typical PAL 

The convolution model explains that the difference frequency beampattern is estimated by the 
convolution between the Westervelt beampattern and the product beampattern of the two ultrasonic 
frequencies, i.e. 

, (2) 
where  and  are the beampatterns of the ultrasonic transducer array at the two ultrasonic 
frequencies; and  denotes the convolution operator. Considering the beampatterns of individual 
ultrasonic transducers, equation (2) is further extended to 

, (3) 
where  and  are the beampattern of the ultrasonic transducers at the two ultrasonic 
frequencies. The ultrasonic transducers can be modeled as piston sources, whereby a larger radius 
leads to a narrower beampattern. 

3. CONSTANT BEAMWIDTH BEAMFORMER DESIGN 
Table 1 lists the parameters of the PAL considered in the constant HPBW beamformer design. 

Table 1 – Parameters in the constant HPBW beamformer design 

Diameter of ultrasonic transducers 0.08 meter 

Spacing between ultrasonic transducers 0.10 meter 

Number of ultrasonic transducers 100 

Carrier frequency 40000 Hz 

In order to compensate for the Westervelt beampattern, the constant HPBW beamformer has to also 
include an adjustable parameter with a large dynamic range. Therefore, the Dolph-Chebyshev weights 
are adopted. The product beampattern of the two ultrasonic frequencies can be adjusted largely by the 
sidelobe attenuation. 

Firstly, the sidelobe attenuation of the carrier frequency is fixed at 6 dB. The lower and upper single 
sideband modulation methods are considered. They have only one sideband. The sidelobe attenuation 
of the sideband frequency varies from 6 dB to 50 dB. The contour plot of the resultant HPBW of the 
difference frequency based on the convolution model is shown in Figure 2. With exception for the line 
representing 25 degrees of HPBW, no other line is able to cover the typical frequency range of the PAL, 
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which is from 500 Hz to 8000 Hz. Moreover, the difference between the contour plots of the lower and 
upper single sideband modulation methods is trivial. This suggests that 25 degrees of HPBW is also 
applicable to the double sideband modulation method. 

 
Figure 2 –  Difference frequency HPBW with respect to the sidelobe attenuation of the sideband frequency 

Secondly, the sidelobe attenuations resulting in 25 degrees of HPBW are extracted for difference 
frequencies. After which, they are used to obtain the constant beamwidth beampatterns. The results are 
almost the same for the single and double sideband modulation methods. To maintain presentation 
clarity, only the result of the double sideband modulation method is shown in Figure 3. To illustrate the 
constant beamwidth, the magnitude above -3dB are colored with yellow in the subplot below. 

 
Figure 3 – Constant beamwidth beampattern of the double sideband modulation method 

Furthermore, the second harmonic beampattern is obtained by the convolution model, whereby the 
Westervelt beampattern is computed at the second harmonic frequency and beampatterns of the two 
sideband frequencies in the double sideband modulation method are multiplied. The second harmonic 
distortion is calculated by the ratio of the difference frequency beampattern and the second harmonic 
beampattern. The results are shown in Figure 4. The HPBW of the second harmonic beampattern is 
narrower than that of the difference frequency beampattern. This results in a rapid decay of the second 
harmonic distortion at off-axis angles of the PAL, especially for relatively low difference frequencies. 
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Figure 4 – Second harmonic beampattern of the double sideband modulation method 

4. CONCLUSIONS 
In this paper, a constant HPBW beamformer is designed for the PAL, which has been constructed 

using 100 ultrasonic transducers. A constant HPBW is achieved from 500 Hz to 8000 Hz, when the 
spacing between the ultrasonic transducers is 0.01 meter. The Dolph-Chebyshev weights are adopted. 
An initial testing shows that only 25 degrees of HPBW can be designed to cover the typical frequency 
range of the PAL. It has been observed that because of the Westervelt beampattern, several strong 
constraints have been incurred in the constant HPBW beamformer design. Therefore, a systematic 
approach is yet to develop. Furthermore, when the double sideband modulation method is applied, the 
constant HPBW beamformer is achieved for the first time. Since the second harmonic beampattern is 
narrower, it is advantageous to listen to the PAL on a slightly off -axis angle for reduced second 
harmonic distortion. 
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ABSTRACT 
A previous signal processing algorithm that aimed to enhance spectral changes (SCE) over time showed 
benefit for hearing-impaired (HI) listeners to recognize speech in background noise. In this work, the 
previous SCE was manipulated to perform on target-dominant segments, rather than treating all frames 
equally. Instantaneous signal-to-noise ratios (SNRs) were calculated to determine whether the segments 
should be processed. Initially, the ideal SNR calculated by the knowledge of premixed signals was introduced 
to the previous SCE algorithm (SCE-iSNR). Speech intelligibility (SI) and clarity preference were measured 
for 12 HI listeners in steady speech-spectrum noise (SSN) and six-talk speech (STS) maskers, respectively. 
The results showed the SCE-iSNR algorithm improved SI significantly for both maskers at high 
signal-to-masker ratios (SMRs) and for STS masker at low SMRs, while processing effect on speech quality 
was small. Secondly, the estimated SNR obtained from real mixtures was used, resulting in another 
SCE-eSNR. SI and subjective rating on naturalness and speech quality were tested for 7 HI subjects. The 
SCE-eSNR algorithm showed improved SI for SSN masker at high SMRs and for STS masker at low SMRs, 
as well as better naturalness and speech quality for STS masker. The limitations of applying the algorithms 
are discussed. 
 
Keywords: Spectral-change enhancement, Hearing impairment, Prior SNR, Speech intelligibility, Speech 
quality 

1. INTRODUCTION 
Hearing-impaired listeners can usually achieve high speech intelligibility in a quiet environment, 

but their speech understanding deteriorates in noisy backgrounds. Most people with sensorineural 
hearing loss is associated with broader-than-normal auditory filters (1). The excitation pattern 
becomes “smeared” compared with the normal hearing when the speech signal passes through the 
broader filters. To be specific, the difference between peaks and dips in amplitude spectrum is reduced, 
resulting in the poor representation of some important perceptual cues, e.g. formant frequencies (2). 
Background noise then fills the dips in spectrum, which further reduces spectral contrast in the signal, 
exacerbating the problem of perceiving spectral cues for people with hearing loss. 

To compensate for this effect, most attempts mainly focused on enhancing spectral contrast (3). 
However, these studies only enhanced spectral contrast in individual frames while ignored the spectral 
changes across frames. Most information in speech is actually carried in the spectral changes over time, 
rather than in static spectral shape per se (4). Several studies have suggested that suitable enhancement 
on spectral changes could improve speech intelligibility for hearing impaired people, especially in 
noisy environments. In previous studies (5), a signal processing algorithm has been realized by 
evaluating spectral change across adjacent temporal frames and enhancing the spectral changes with 
personalized parameter settings selected using a genetic algorithm. The algorithm was evaluated by 
measuring speech intelligibility and clarity preference for hearing-impaired (HI) listeners. The benefit 
of this algorithm was significant but small. 

To extend the benefit of the above mentioned spectral-change enhancement (SCE) algorithm, the 
current study was to enhance the spectral change mostly for the target speech, but not for the 
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interfering sounds. This can be achieved by first estimating the instantaneous signal-to-noise ratios 
(SNRs) for each frame. Then, the SNRs were utilized to determine whether the spectral change was 
dominated by the target or by the masker for a mixture. The prior SNR has been widely used in speech 
enhancement algorithms and algorithms for SNR evaluation have been widely implemented in hearing 
aids (6). In the previous algorithm, SCE was operated equally across temporal frames. Differently in 
this work, the SNR information of each frame would be used to determine when the SCE should be 
applied so as to avoid the destructive effect of enhancing spectral changes of the maskers. 

In this paper, the previous SCE algorithm was modified by introducing instantaneous SNR 
information, so that the algorithm could selectively process the frames with SNRs above a given SNR 
threshold. To separate the quality of the SNR estimation from the effect of the modified algorithm 
itself, the ideal SNR (iSNR) was first applied. The iSNR was calculated from the knowledge of 
premixed signals. This new iSNR based SCE algorithm was referred to as the SCE-iSNR, which was 
evaluated via experiments of speech intelligibility and clarity preference using speech with steady 
speech-spectrum noise (SSN) and six-talk speech (STS) maskers for 12 hearing-impaired listeners. 
Secondly, since the iSNR cannot be available in real-world scenarios, the estimated SNR (eSNR) from 
real mixtures was applied to replace the iSNR, resulting in another new algorithm, the SCE-eSNR. 
Additional experiments evaluated the speech intelligibility and subjective rating of naturalness and 
speech quality for 7 HI subjects.  

The remainder of the paper was organized as follows. We first introduced the previous SCE 
algorithm briefly and then the application of the instantaneous SNR, including the iSNR and the eSNR. 
The proposed SCE-iSNR and SCE-eSNR were evaluated separately in terms of speech intelligibility 
and subjective speech quality in the follow-up sections. 

 

 
Figure 1 – Flow diagram of the processing for spectral-change enhancement with instantaneous SNR. 

2. SIGNAL PROCESSING 
The modified signal processing algorithms, SCE-iSNR and SCE-eSNR were divided into two parts: 

SCE processing and instantaneous SNR calculation. For the SCE processing, the input signal was 
segmented, windowed, spectrally smoothed, spectral-change enhanced, and then resynthesized with 
the overlap-add technique. For instantaneous SNR calculation, two methods were considered, 
including iSNR calculation and eSNR calculation. These two parts were combined by the equation (1) 

 

𝑆" =
𝑆, 𝑆𝑁𝑅" ≥ 𝑇
0, 𝑆𝑁𝑅" < 𝑇																																																																								(1) 

 
where Sn is a parameter that controls the degree of the enhancement in frame n, SNRn represents the 
SNR of frame n, T represents the SNR threshold which is set as 0 dB in our experiments. According to 
equation (1), when the frame SNR is below the threshold, the SCE degree is 0, suggesting no SCE was 
operated in this frame. The processing flow is shown in Figure 1. 
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2.1 SCE Processing 
Since the processing has been described in details in the earlier paper (5), a simply outline of steps 

are provided as the following. 
The input signal was first segmented and Hamming windowed, followed by a 256-point FFT, giving 

128 original magnitude values (Specorg) and phase values. A convolution procedure (7) was used to 
transform the original magnitude spectrum to an auditory excitation pattern, denoted as Mag. The 
initial spectral change was obtained by calculating the ratio of the Mag value across every two adjacent 
frames. An enhancement function (ENF) was then obtained by convoluting the initial spectral change 
with a Difference of Gaussian (DoG) function. 

To obtain the modified magnitude spectrum (Specmod) for a given frame, a Gain function was added 
to the Specorg. This Gain function for a certain frame n, denoted as Gainn, was defined by a weighted 
(weight 𝜉<1) average of the ENF over m preceding frames. Then, the Gainn was multiplied by a factor 
S, which was an adjustable parameter used to control the degree of spectral-change enhancement. 
Finally, the Specmod of each frame was obtained by adding the scaled Gainn to the Specorg. The 
corresponding output signal was resynthesized by IFFT with the Specmod and its original phase. 

In summary, there are four manipulated parameters to implement the whole processing: b, the width 
of the DoG function specified in ERBN number; x  and m, controlling the effect of preceding frames; 
and S, controlling the amount of enhancement. 

2.2 Instantaneous SNR Calculation 
Two methods for instantaneous SNR calculation were considered. The first one was based on iSNR 

calculation which was obtained from premixed signals. For the application in real-world scenarios, the 
second one was based on eSNR calculation which was obtained from real mixed signals. The resulting 
SNR information was used to manipulate the parameter S of SCE processing by equation (1). 
1) iSNR calculation: The target signal and the masker signal were segmented frame by frame 

separately in the same way as the SCE processing. Then, the iSNR for each frame was calculated 
by the ratio of the target signal energy and the masker signal energy of each frame. 

2) eSNR calculation: Noisy speech from real mixtures was measured frame by frame using the 
real-time SNR detector of Unitron hearing aid (8). To be specific, an input signal was first 
segmented and divided into a set of frequency domain input signals. Each frequency domain 
signal was then analyzed based on three characteristics: intensity change, modulation frequency 
and time duration, each of which produced a sub-index. Three sub-indexes were further 
combined together to produce a signal index using a three-dimensional continuum. According to 
the signal index, the frequency domain input signal was classified as different types of noise or as 
a desired signal, which was used to produce SNR values of each frequency band. The final eSNR 
for each frame was calculated by averaging the SNR values across frequency bands. 

3. GENERAL EXPERIMENT METHOD 
In the previous study (5), a genetic algorithm (GA) was used to select the best parameter setting 

when implementing SCE for each subject. Subjects should compare the subjective intelligibility of 
successive sentences processed by SCE with different parameter values in background noise. It is 
necessary to select an appropriate sentence SMR to avoid too high or too low for the GA test, thus a 
speech reception threshold (SRT) was measured for unprocessed stimuli before the GA test. The SRT 
value was also used to determine the high SMR and low SMR for the following tests of speech 
intelligibility (SI) and speech quality, including clarity preference (CP) and subjective rating (SR). 

Two experiments were conducted to evaluate the effect of SCE-iSNR and SCE-eSNR, respectively. 
Experiment I was designed to evaluate the SCE-iSNR relative to the previous SCE and unprocessed 
condition, while Experiment II was designed to evaluate the SCE-eSNR relative to the speech 
enhancement algorithm installed in Unitron hearing aids (SE-Unitron) and unprocessed condition. 

In general, the following measurements need to be determined in the experiments: 1) SRT 
measurement; 2) GA test; 3) SI measurement; 4) CP measurement; 5) SR measurement. Therein, 1) - 3) 
were measured for both Experiment I and Experiment II while 4) was only measured for Experiment I 
and 5) was only measured for Experiment II. 

3.1 Speech Material 
Sentences from the Mandarin Hearing in Noise Test (MHINT) database (9) were used as the target 
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speech for the SRT and SI measurements. Sentences from Chinese nonsense sentences corpus (10) 
were used as the target speech for the GA and CP measurements. Two speech corpuses were used 
because the sentence amount of each existing Mandarin speech corpus was too small to cover all tests. 

The SSN masker had the same spectral shape as the averaged target speech for the corresponding 
tests. STS masker was from a 10-s sample of six-talker Mandarin Chinese babble (11). For each trial, 
the masker started 500 ms before the target speech, and finished synchronously with the target. 

3.2 Speech Reception Threshold (SRT) 
The SRT was measured for SSN and STS masker, respectively, each using 2 lists (20 sentences) 

from MHINT database. The initial SMR was selected to be relatively high to ensure most key words to 
be heard at the beginning. If more than half key words were repeated correctly, the SMR was decreased 
by 4 dB; otherwise the SMR was increased by 4 dB. After four sentences had been presented, the step 
size in SMR was set to 2 dB. The SRT for each condition was determined by averaging the SMRs at the 
last four turn points. 

3.3 Genetic Algorithm (GA) 
The GA tool developed by (12) was used to select the “best” parameter values for SCE, SCE-iSNR 

in Experiment I and for SCE-eSNR in Experiment II, respectively for each subject. The test procedure 
was the same as that in the previous study (5), so the detailed description was omitted here. 

The GA was run separately for each of the testing conditions (2 maskers × 2 processing types for 
Experiment I; 2 maskers × 1 processing types for Experiment II). The selected parameter values were 
then used to process the sentences in corresponding conditions for SI, CP and SR measurements. 

3.4 Measurement of Speech Intelligibility (SI) 
Two SMRs were selected for each masker based on the SRT results for each subject: SMR_H (1 dB 

above the SRT), and SMR_L (2 dB below the SRT). There were twelve conditions: 2 masker types × 2 
SMRs × 3 processing types. Subjects were instructed to vocally repeat the ten key words of each 
sentence. The experimenter recorded the key words that had been identified correctly. 

3.5 Measurement of Clarity Preference (CP) 
In each trial, three speech stimuli representing three processing types were presented with 500-ms 

inter-stimulus-interval time. The same sentence was used for each trial, and three processing types 
were assigned randomly to the three intervals. Subjects should make a choice among the three intervals 
following the instruction: which sentence of the intervals is the best of clarity for you? The order of 
four conditions (2 masker types × 2 SMRs) was balanced across subjects using a 4-order Latin-square 
and four lists (18 sentences per list) were randomly assigned to the four conditions. 

3.6 Measurement of Subjective Rating (SR) 
Double-blinded Multiple Stimuli with Hidden Reference and Anchor (MUSHRA) test was used to 

access the subjective rating of naturalness and overall speech quality separately among three speech 
samples obtained from one sentence processed by three processing types for each trial. The order of 
four conditions (2 masker types × 2 SMRs) was random across subjects and each condition contained 
4 sentences randomly selected from four lists (18 sentences per list). Subjects listened to each sentence 
and then were asked to indicate their rating score based on a given rating scale. 

4. EXPERIMENT I 

4.1 Experimental Procedure 
The experimental procedure for Experiment I was designed as follows: SRT was first measured, 

and then the GA test, followed by SI measurement and finally CP measurement. 
The GA test was run separately for SCE and SCE-iSNR with two maskers for each subject. Four 

parameters need to be selected: b, 𝜉, m, S. For each parameter, minimums were 0.5, 0.8, 5, 1 and 
maximums were 3, 0.9, 6, 5 with step size of 0.5, 0.1, 1, 0.5, respectively. These were chosen to avoid 
obvious audio distortion from SCE processing and to ensure the effective convergence of GA tool. 

In the SI measurement, the order of the twelve conditions was balanced across subjects using a 
Latin-square. Twelve lists of MHINT sentences were assigned randomly to these twelve conditions for 
each subject. SRT and CP were measured as descripted in section 3.2 and 3.5, respectively. 
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4.2 Subjects and Compensation for hearing loss 
Twelve subjects with moderate to severe hearing loss were tested (without hearing aids). Stimuli 

were presented to the better ear which was determined by the average audiometric threshold from 0.25 
to 6 kHz. To compensate for the hearing loss, a linear amplification according to the Cambridge 
formula (13) was applied to stimuli before they were presented to subjects. 

4.3 Stimuli 
All signals were presented with an external 

soundcard via Sennheiser HD 650 headphones. The 
sound level was calibrated at 65 dB SPL for the target 
speech prior to the amplification prescribed by the 
Cambridge formula. Subjects were seated in a 
double-walled sound attenuating chamber. 

4.4 Results 
4.4.1 Speech Reception Threshold (SRT)  

Individual SRTs for unprocessed stimuli for each 
masker were plotted as a function of the subject’s mean 
audiometric threshold (MAT) in Figure 2. The SRTs 
varied markedly across subjects. For each subject, the 
SRT was lower for the SSN than for the STS masker, 
except for the subject 11. The SRTs were significantly 
correlated with the MAT for both SSN (r=0.828, p=0.001) and STS (r=0.703, p=0.011) makers. In 
general, the higher MAT, the poorer was the ability to understand speech in background noise. 

4.4.2 Speech Intelligibility (SI) 
Figure 3 showed the mean speech intelligibility scores across 12 subjects. The results are presented 

in four groups according to the masker type and SMR, with average correct key words percent for each 
of the three processing types within each group. 

In general, the performance became better with the increase of SMR for both maskers. The 
SCE-iSNR processing achieved the highest average scores across all conditions. A three-way (SMR, 
masker type, and processing type) analysis of variance (ANOVA) indicated that main effect was 
significant for SMR [F(1,11)=122.410, p<0.001] and processing type [F(2,22)=8.310, p=0.002], but 
not significant for masker type. The interaction across the three factors was significant [F(2,22)=8.311, 
p=0.002]. The post hoc Bonferroni pairwise comparison showed significantly higher SI scores for 
SCE-iSNR processing than for both SCE processing [p=0.034] and unprocessed condition [p=0.014]. 
Furthermore, the SI score was significantly higher for SCE-iSNR than for unprocessed condition in the 
groups of SSN masker at high SMR [p=0.026] and STS masker at low SMR [p=0.009]. Overall, HI 
listeners had better average speech intelligibility for the SCE-iSNR processing compared with the 
unprocessed condition. 

 

Figure 2 – SRTs for unprocessed stimuli for 
each subject, ordered according to the mean 

audiometric thresholds. 

 

Figure 3 – Mean percent correct identification of 
key words across 12 subjects for each test 

condition. Error bars indicate±1 standard error. 

 
Figure 4 – Mean percentage of selections of each 
response category across 12 subjects for each test 
condition. Error bars indicate ±1 standard error. 
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4.4.3 Clarity Preference (CP) 
Figure 4 showed the mean subjective clarity preference across the 12 subjects. For each group in 

the figure, the summation of the percentage of the three options was 100%, hence the later statistic 
analysis was based on the percentage for the two processing conditions excluding the condition of 
“unprocessed”. It was clearly that SCE-iSNR processing was chosen more often than the other two 
processing types for SSN masker, while the SCE processing was selected the most for STS masker. A 
three-way analysis of variance (ANOVA) was conducted with two masker types, SMR and two 
processing types (SCE and SCE-iSNR). The main effect of SMR [F(1,11)=4.945, p=0.048] and the 
interaction between masker type and processing type [F(1,11)=4.962, p=0.048] were significant. Then, 
a two-way ANOVAs was conducted for SMR_H and SMR_L, respectively, using masker type and 
processing type as the two factors. No any main effects and interactions was significant for the 
analysis. We can roughly conclude there was no significant perceptual difference between each pair of 
processing types for hearing-impaired subjects on average. 

5. EXPERIMENT II  

5.1 Experimental Procedure 
The experimental procedure for Experiment II was designed as follows: SRT was first measured, 

and then GA test was run, followed by SI measurement and finally SR measurement.  
The GA tool was run only for SCE-eSNR processing with two maskers for each subject here. To 

reduce the workload of labeling eSNRs during the eSNR calculation, the values of 𝜉 and m were fixed 
here as 0.9 and 5 according to the observation of previous experiment results (5). The minimum, 
maximum and step values for parameters b and S were the same as those in Experiment I. 

In the SI measurement, the order of the twelve conditions was random across 7 subjects. Twelve 
lists of MHINT sentences were assigned randomly to these twelve conditions for each subject. SRT 
and SR were measured as descripted in section 3.2 and 3.6, respectively. 

5.2 Subjects and Compensation for hearing loss 
Experiment II was conducted by Sonova R&D China for seven subjects with symmetrical mild to 

severe hearing loss, defined as an interaural difference of no more than 10 dB across the octave 
frequencies from 250 to 8000 Hz in audiometric thresholds. Stimuli were presented binaurally here. To 
compensate for the hearing loss, all subjects were initial binaurally fitted to hearing aids (Unitron 
North Stride Pro P BTE) with customized earmold according to the default first fit while a NAL-NL2 
Tonal fitting formula was used. 

5.3 Stimuli 
The presented stimuli which was the recording of streamed hearing aid output, together with eSNR 

estimation were created synchronously using two Unitron North Stride Pro P recording hearing aids. 
The signal was recorded with a RME Fireface 802 sound card and Sound Forge Pro 11.0. The stimuli 
were presented from a loudspeaker located 1.4 meters in front of subjects in a free field. The 
calibration of speech material was created by merging all the sentences in advance. The volume was 
adjusted until the values met 65 dB SPL for the most of middle frequency bands. 

5.4 RESULTS  
5.4.1 Speech Reception Threshold (SRT) 

In Figure 5, similar to the result in Experiment I, the SRT was lower for the SSN than for the STS 
masker, except for the subject 6. There was no significant correlation between SRTs and the MAT for 
either SSN or STS masker, which might be caused by subject 1 whose MAT was the lowest (53 dB HL) 
but achieving a relatively high SRT value for STS masker, and by subject 7 whose MAT was the 
highest (even more than 70 dB HL) but his SRT values were the lowest for both maskers.  
5.4.2 Speech Intelligibility (SI) 

 The performance became better with the increase of SMR for both maskers in Figure 6. A 
three-way (SMR, masker type, and processing type) analysis of variance (ANOVA) indicated that the 
main effect of SMR was significant [F(1,6)=78.913, p<0.001] while no other main effect or 
interactions was significant. Due to the limit of subject amount, no further statistic analysis was 
conducted. However, some trends were observed as specified below. The SCE-eSNR processing 
showed a similar performance with the SE-Unitron for STS masker at high SMR. In the condition of 
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SSN masker at low SMR, the SCE-eSNR resulted in the highest average scores among three 
processing types. The SE-Unitron showed more benefit in the other two conditions, SSN with high 
SMR and STS with low SMR. Another observation was that both SE-Unitron and SCE-eSNR reduced 
SI for STS maskers at high SMR.  

5.4.3 Subjective Rating (SR) 

Figure 7 showed the mean subjective ratings of naturalness (NAT) and speech quality (SQ) across 
7 subjects. Generally, SE-Unitron processing showed more benefit for SSN masker while SCE-eSNR 
processing reflected its advantage on STS masker. 

 A three-way (SMR, masker type, and processing type) analysis of variance (ANOVA) was 
conducted for rating results of NAT and SQ, respectively. For NAT, neither main effects nor 
interactions were significant. For SQ, main effect of SMR [F(1,6)=11.267, p=0.015] and interaction 
across three factors [F(2,12)=6.783, p=0.011] were significant. The post hoc Bonferroni pairwise 
comparison showed a significantly but slightly higher score for SCE-eSNR processing than for 
SE-Unitron in the condition of STS masker at low SMR [p=0.050]. There was an overall trend that 
SCE-eSNR processing produced a better speech quality for STS masker especially in low SMR.  

6. DISCUSSION AND CONCLUSION 
The previous SCE algorithm was modified by introducing the instantaneous SNR information. The 

effect of this modification was evaluated for the iSNR and eSNR separately by the speech 
intelligibility (SI) and subjective speech quality experiments for hearing-impaired listeners.  

The SCE-iSNR processing resulted in improved SIs for both SSN and STS maskers at high SMR 
and for STS masker at low SMR compared to the unprocessed condition. These results were 
statistically significant. For the SCE-eSNR processing, although not significant, a trend of improved 
SI for SSN masker at low SMRs was observed compared to the unprocessed condition. The less clear 
benefit of the SCE-eSNR might be related to the less accuracy of the instantaneous SNR (eSNR here) 
or out of sync in time frame. The eSNR was obtained by a real-time SNR estimation algorithm, where 
the bias was naturally existed compared with the ground truth (e.g., iSNR). Non-stationary 

 
Figure 7 – Mean scores for the ratings of naturalness and speech quality across 7 subjects for each 

test condition. Error bars indicate ±1 standard error. 

 
Figure 5 – SRTs for unprocessed stimuli for each 

subject, ordered according to the mean 
audiometric thresholds. 

 

 
Figure 6 – Mean percent correct identification of 

key words across 7 subjects for each test 
condition. Error bars indicate±1 standard error. 

3088



 

 

background noise (e.g., STS) with high energy (e.g., low SMRs) might lead to less accuracy of the 
eSNR, then resulting in a degraded effect for SCE-eSNR processing. Therefore, the SCE-eSNR for 
STS masker at both high and low SMRs even reduced the speech intelligibility (see Figure 6). 

The effect of SCE-iSNR processing on speech quality was relatively small since no significant 
difference was observed between the SCE-iSNR and unprocessed condition. It was encouraging that 
SCE-eSNR showed an advantage on subjective rating for STS masker while SE-Unitron showed more 
benefit for SSN masker. 
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Abstract
Hearing loss is prevalent among elderly adults, which leads to speech-understanding difficulties in noisy environ-
ments. Speech enhancement algorithms are thus proposed to alleviate this speech-in-noise problem. However,
most of these algorithms have not been evaluated for hearing-impaired people either with or without the use of
hearing aids. In this study, we evaluated the performance of several speech enhancement algorithms [i.e., non-
negative matrix factorization based, deep-neural-network based and long short-term memory (LSTM) based
algorithms] for hearing-impaired listeners using an objective speech quality metric, namely the Hearing-Aid
Speech Quality Index (HASQI). The HASQI is based on a physiologically inspired model of auditory process-
ing, which also allows the simulation of hearing impairment. The evaluation was repeated separately for the
typical hearing characteristics of different genders in various age groups. For the aided condition, linear ampli-
fication was implemented using the NAL-R prescription formula. The benefits from the speech enhancement
algorithms decrease with increasing degrees of hearing loss. With amplification, the benefit diminishes for
the listener group with the most severe hearing impairment. Among the various algorithms, the LSTM-based
structures exhibit superior performance with and without amplification.
Keywords: Speech enhancement, Objective metric, Hearing loss

1 INTRODUCTION
In the United States, about one third of older adults between 65 and 74 years of age live with hearing impair-
ment. Age-related hearing loss makes speech communication challenging, especially in noisy environments. The
traditional approach to address the speech understanding difficulties experienced by older adults is the use of
hearing aids. Hearing aids amplify the acoustic signals received at the ears and send the amplified signals into
the ear canal. Typically, greater amounts of amplification would be prescribed to the frequency regions with
greater degrees of hearing loss to ensure conversational speech is audible to the hearing-aid users. This strategy
is capable to significantly improve speech understanding in quiet, however, when background noises are present
both the speech and noise would be amplified, leading to limited benefits from amplification.
The advancements in speech enhancement techniques have created new opportunities to facilitate speech un-
derstanding among older adults. The goal of many speech enhancement algorithms is to remove background
noise from noise-corrupted speech signals. It is hypothesized that applying amplification to the enhanced speech
signals would improve speech understanding for listeners with age-related hearing loss.
The current study investigates the perceived speech quality following speech enhancement and amplification
from hearing-impaired listeners using an objective speech-quality metric, namely the Hearing-Aid Speech Qual-
ity Index (HASQI) [1]. The HASQI metric is different from many other objective speech-quality metrics, such
as the Perceptual Evaluation of Speech Quality (PESQ) index [2], in that it includes a physiologically inspired
model of auditory processing. The inclusion of the model also allows HASQI to simulate auditory perception
in impaired ears and predict the perceived speech quality by hearing-impaired listeners.
In a recent study, Zhang et al. [3] applied HASQI to compare the improvement in speech quality by a range
of speech enhancement algorithms, including algorithms based on non-negative matrix factorization (NMF)
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[4, 5, 6], deep neural networks (DNNs) [7, 8], and recurrent neural networks (RNNs) [9, 10]. The aver-
age hearing profiles for listeners in various age groups were used to configure HASQI to generate predictions
on the perceived speech quality from these listener groups. Results showed that for both normal-hearing and
hearing-impaired listeners the long short-term memory (LSTM) based network achieved the greatest improve-
ment in speech quality over other enhancement techniques. Moreover, as the degree of hearing loss increased,
the HASQI score decreased, indicating poorer speech quality. In this previous study, no compensation for the
loss of audibility was applied for the hearing-impaired groups, therefore, it is possible that the decreased HASQI
scores merely reflected the reduced available speech bandwidth due to hearing loss.
In the current study, the evaluations conducted by Zhang et al. [3] are repeated with and without amplification
applied following speech enhancement. It will be shown that both speech enhancement and amplification im-
prove speech quality; however, the benefits from them may not be additive depending on the degree of hearing
loss and the specific speech enhancement algorithm.
The rest of this paper is organized as follows. Section 2 describes the speech enhancement algorithms that were
investigated in the current study. The experimental setup is described in Section 3. Results are provided in
Section 4. Finally, conclusions are drawn in Section 5.

2 SPEECH ENHANCEMENT ALGORITHMS
2.1 Active-set Newton algorithm (ASNA)
Non-negative matrix factorization is an efficient method for extracting target signals from mixtures of signal
and noise, and it is widely used for speech enhancement and applications such as document clustering [11, 12].
The active-set Newton algorithm (ASNA) [5, 6] is an extension of NMF and applies the Newton method to
update the weights. It can be expressed as x̂ = Bw, where x̂ is the target speech signal, B is the trained speech
dictionary and w represents the activation weights. ASNA is more efficient compared to other NMF-based
approaches in terms of processing time, and it has been shown to outperform many of them under various
conditions. We use the same parameters as reported in the original study.

2.2 DNN-based ideal ratio mask estimation (D-IRM)
A DNN-based method that estimates the ideal ratio mask (IRM) in the time-frequency (TF) domain is included
in the current study. Using the ideal ratio mask as the training target in a DNN-based algorithm has been shown
to achieve better results than other training targets [7]. The IRM can be described as:

Mrm
t, f =

|st, f |
(|st, f |+ |nt, f |)

, (1)

where |st, f | represents the magnitude response of the clean reference signal and |nt, f | is the magnitude response
of the noise signal at time-frequency region t, f .
The implementation of this DNN-IRM network consists of three hidden layers with 1024 units each [7]. The
rectified linear (ReLU) [13] activation function is used for all hidden layers, and linear activation function is
used for the output layer. The input to the network is a set of complementary features [7]. When constructing
the spectrogram, the window size is chosen as 40 ms with a step size of 20 ms. Adaptive gradient descent is
used as the optimizer during training, with a mini-batch size of 512, and a maximum epoch number of 80. The
mean squared error is used as the loss function. The network predicts an estimated IRM which is combined
with the phase of the noisy mixture to reconstruct the enhanced speech.

2.3 DNN-based complex ideal ratio mask estimation (D-cIRM)
As mentioned above, the IRM estimated by the DNN-IRM network does not contain any phase information for
the reconstruction of the enhanced speech, despite of the importance of phase for audio quality. An alternative
DNN-based algorithm [8] utilizes the phase information by predicting a complex ideal ratio mask (cIRM) in
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the TF domain. Instead of solely relying on magnitude information, this network is able to predict the phase as
well. The cIRM is defined as:

Mcrm
t, f =

∣∣st, f
∣∣∣∣yt, f
∣∣ cos(θt, f )+ j

∣∣st, f
∣∣∣∣yt, f
∣∣ sin(θt, f ), (2)

where |yt, f | represents the magnitude response of the noisy speech, j is the imaginary unit, and θt, f = θ s
t, f −θ

y
t, f

is the phase difference between the speech and noisy speech. This network consists of three hidden layers with
1024 units each. The ReLU activation function is used as activation function for all hidden layers while the
output layer uses a linear activation function. Other settings for this network are identical to the ones for the
DNN-IRM approach.

2.4 LSTM-based ideal ratio mask estimation (L-IRM)
As a variant of RNN, LSTM network solves the problem of exploding and vanishing gradient that traditional
RNNs face [14]. With the help of the recurrent structure, the LSTM networks are suitable for dealing with data
that contain temporal information, such as those in speech translation and speech enhancement.
The structure of the implemented LSTM network is described in [9]. This network consists of two LSTM
layers with 256 nodes in each layer, then connects to another dense layer with sigmodal activation function. It
takes the log magnitude spectrogram as the input and outputs an estimated IRM for the enhanced speech. When
generating the spectrogram, the window size is chosen as 25 ms with a hop size of 10 ms. The log magnitude
spectrogram is then “chopped" into sequences of 100 timesteps. We use mask approximation (MA) [9] as the
loss function which is defined as:

EMA(Mpred) = ∑
t, f

(Mtrue−Mpred)
2, (3)

where Mpred is the predicted IRM and Mtrue is the ground truth. During training, a mini-batch size of 25
sequences with a maximum epoch number of 100 is used. We also apply RMSprop as the optimizer since its
been shown as a good choice when training RNNs [15].

2.5 Bidirectional LSTM-based phase-sensitive mask estimation (BL-PSM)
As an extension of LSTM, a bidirectional-LSTM (BLSTM) takes “memory" in both directions into account (i.e.,
past and future series). This BLSTM network structure is described in [10]. It has two BLSTM layers with 256
units each, which is followed by a third fully connected layer. It also takes the log magnitude spectrogram as
the input, but predicts a phase-sensitive mask (PSM). The PSM is defined as:

MPSM
t, f =

|st, f |
|yt, f |

cos(θt, f ). (4)

We truncate the PSM between 0 and 1 and use a phase-sensitive spectrum approximation (PSA) [10] as the
loss function during training. The PSA is defined as:

EPSA(Mpred) = ∑
t, f

(Mtrue|yt, f |−Mpred |yt, f |)2, (5)

where Mtrue stands for the ideal PSM and Mpred is the estimated one. Other settings are the same as those
described for the LSTM-based method.

3 EXPERIMENTAL SETUP
3.1 Speech material
Sentences from three speech corpora were used, including 250 male-speech utterances from the Hearing in
Noise Test (HINT) corpus [16], 1440 IEEE utterances [17] containing both male and female talkers and 2342
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Table 1. Hearing thresholds (dB HL) of male and female subjects from various age groups.

Age Group Frequency (Hz)
250 500 1000 2000 4000 6000

50-59 Male 12.3 12.6 16.4 30.4 55.1 57.5
50-59 Female 11.6 10.9 10.4 13.2 21.1 27.4
60-69 Male 14.8 14.8 17.7 29.9 58.3 64.5
60-69 Female 15.1 14.9 14.7 19.5 29.8 40.0
70-79 Male 18.3 19.1 24.7 40.4 66.1 72.1
70-79 Female 20.7 21.3 23.1 30.1 41.5 51.4
80+ Male 28.0 31.2 38.3 49.6 67.5 76.7
80+ Female 29.9 30.9 31.7 42.4 54.3 64.1

male and female utterances from the TIMIT dataset [18]. In total, there are 4032 clean speech utterances.
We split them into three sets: (1) 2822 (70%) utterances in the training set, (2) 605 (15%) utterances for the
development set and (3) 605 (15%) utterances for the test set. By mixing up the clean utterances with four
different types of noise (i.e., airplane, babble, dog, train) at 6 signal-to-noise ratios (SNRs), we obtain 16932
mixtures for each type of noise. Among the four noise types, the ten-talker babble noise are extracted from the
AzBio database [19] and the other noises are obtained from the ESC-50 dataset [20]. The SNRs range from -5
dB to 20 dB with a step size of 5 dB. All signals are resampled to 16 kHz before mixing.

3.2 Listener age groups and linear amplification
The typical audiometric thresholds for male and female listeners at various ages are provided in Table 1. The
data listed in the table are based on 936 females and 756 males, reported in [21]. A higher hearing threshold (in
dB HL) represents a greater degree of hearing loss. For each listener group, the perceived quality of enhanced
speech is separately predicted using HASQI. This results in a HASQI score, ranging between 0 (poorest) to 1
(best). The computational procedure to calculate the HASQI score considers the audiometric thresholds for the
listener group and configures the auditory model within HASQI accordingly to simulate the perceptual conse-
quences according to the severity of the hearing loss. In the model, hearing loss not only reduces sensitivity to
sound but also reduces the compressive nonlinearity associated with the healthy peripheral auditory system and
degrades the resolving power to spectral details [1].
The HASQI metric is based on an intrusive algorithm, which means that it requires both the clean speech signal
as the reference signal and the noisy speech mixture as the test signal at its input [22]. In the current study,
the clean reference signal is amplified according to a standard hearing-aid prescription formula (i.e. NAL-R)
[23]. This formula generates a fixed gain, independent of input level (i.e. linear amplification), for each of the
frequency regions. Therefore, the reference signal used for computing the HASQI score represents speech heard
in quiet through typical linear amplification.
For each combination of speech enhancement algorithm and listener group, speech quality is calculated using
HASQI either before (“Mixture") or after (“Enhanced") speech enhancement is applied, and with (“Eq. On")
or without (“Eq. Off") amplification. The test signal that is used to calculate the HASQI score is different
depending on the condition. Specifically, when no amplification is applied, the noisy speech mixture is used
in the “Mixture Eq. Off" condition, and the enhanced speech is used in the “Enhanced Eq. Off" condition.
When amplification is applied, the test signal is the the noisy speech mixture amplified according to the NAL-R
formula in the “Mixture Eq. On" condition, and it is the enhanced speech amplified according to the NAL-R
formula in the “Enhanced Eq. On" condition.
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Figure 1. HASQI results with NAL-R amplification on and off

4 RESULTS
The calculated HASQI scores are shown in Figure 1 for the five speech enhancement algorithms evaluated in
the current study (in separate panels). In each panel, the HASQI scores are plotted for the four test conditions
as separate curves (with different symbols). Each curve in a panel shows the HASQI score as a function of
pure-tone-average (PTA) threshold, which is the average of the thresholds at 500, 1000, and 2000 Hz. The PTA
is commonly used to summarize the severity of hearing loss because 500, 1000, and 2000 Hz are frequencies
that are important for speech understanding. The four data points along each curve indicate the four listener
groups, the group with a higher age range corresponds to a higher PTA threshold.
As observed from Figure 1, amplification always leads to improvement in speech quality. Without speech
enhancement, the benefit from amplification increases slightly as the degree of hearing loss increases (com-
paring filled and unfilled circles). This effect of hearing loss is less evident when speech enhancement is
applied. Across all five speech enhancement algorithms, speech enhancement improved the predicted speech
quality by HASQI (comparing triangles to circles). However, under the conditions with amplification, the bene-
fit from speech enhancement diminishes as the PTA threshold increases. Comparing among the algorithms, the
deep learning approaches exhibit significant improvements over the traditional NMF-based method (ASNA). The
LSTM- and BLSTM-based structure perform the best among the algorithms both with and without amplification.
To investigate whether the benefits from speech enhancement and amplification are additive, we quantify the
benefit from speech enhancement by the difference between the HASQI scores for the “Mixture Eq. Off" and
“Enhanced Eq. Off" conditions (∆enhance) and the benefit from amplification by the difference between the
HASQI scores for the “Mixture Eq. Off" and “Mixture Eq. On" conditions (∆Eq). Then, the expected HASQI
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score for the “Enhanced Eq. On" condition assuming additivity of the benefits (ĤASQIEnhanced Eq. On) would be:

ĤASQIEnhanced Eq. On = HASQIMixture Eq. Off +∆enhance +∆Eq, (6)

where HASQIMixture Eq. Off is the HASQI score for the “Mixture Eq. Off" condition. The actual HASQI score

for the “Enhanced Eq. On" condition (HASQIEnhanced Eq. On) is close to ĤASQIEnhanced Eq. On for listener group
with minimal hearing loss. On the other hand, when it is applied to listeners with higher degrees of hearing
loss, the benefits from speech enhancement and amplification becomes subadditive:

HASQIEnhanced Eq. On < ĤASQIEnhanced Eq. On. (7)

From our simulations, we infer that as the degree of hearing loss increases, there will be fewer benefits from
wearing a digital hearing aid device with built-in speech enhancement. Although speech enhancement algorithm
can bring many benefits in noisy environments when the amplification is not applied, the benefit decreases
dramatically when amplification is applied.

5 CONCLUSIONS
The influence of amplification on speech quality is investigated using an objective metric in this study. Simu-
lated results show that the benefits from speech enhancement are getting smaller as the hearing loss becomes
more severe. The LSTM- and BLSTM-based methods achieve the best speech quality for listeners with vari-
ous degrees of hearing loss. This holds true in both conditions when amplification is turned on and off. Future
studies that include listening tests using hearing-impaired listeners will help to confirm the findings in this study.
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ABSTRACT 

Reverberation distorts speech, leading to degradation of speech intelligibility and speech quality. We have 
been investigating methods to predict the speech intelligibility of reverberant speech. This normally 
requires clean speech, which is often not available in real-world applications. In a past paper, we attempted 
to use Deep Neural Networks to reconstruct clean speech from distorted speech. We predicted a frame of 
clean spectrum from 11 frames of reverberant short-time Fourier transform (STFT) magnitude and 
evaluated the clean speech that is reconstructed from the predicted clean spectrum. The segmental SNR 
(SSNR) improved by 3.5 dB in reverberant environments, with a reverberation time from 0.2 to 1.0 second. 
However, with this method, the features were limited to 11 frames, shown to be inadequate to extract clean 
features from severe reverberant features. To improve the SSNR further, we need to extract an adequate 
number of frames of STFT magnitude, and further exploit the temporal characteristics. For this reason, we 
adapt Convolutional neural networks (CNNs), where we predict 257 frames of clean STFT magnitude from 
257 frames of reverberant STFT.  However, contrary to expectations, the SSNRs of predicted clean speech 
exceeds from DNN only in environments with short reverberations. 
Keywords: Deep neural network (DNN), Convolutional neural network (CNN), speech intelligibility 
prediction 

1. INTRODUCTION 
With the advance of Wireless communication system, people often communicate in various noisy 

environments. One of the noise types in these environments, reverberation, is known to severely degrade 
speech intelligibility. Therefore, it is necessary to evaluate the speech intelligibility when constructing and 
managing a communication system with the necessary levels of intelligibility. Speech intelligibility is 
normally measured using objective evaluation using human listeners, which takes time and is costly. In 
order to reduce the cost, speech intelligibility should be predicted, eliminating the need for human listeners. 
Moreover, the prediction method in a non-reference manner, i.e., without the use of a reference signal, is 
more desirable than in a full-reference manner, which requires a reference signal. This is because clean 
(reference) speech is rarely available in practice, though full-reference methods generally perform better 
than non-reference methods. If we estimate the reference speech signal from reverberant speech, we can 
mimic full-reference speech intelligibility estimation by using the estimated reference speech signal. Fig. 1 
illustrates this process. Thus, we need to estimate reference speech form reverberant speech. However, the 
reverberant characteristics of a reverberant signal generally depend on the position of the sound source and 
the receiver in a room because the reflection of the sound waves varies accordingly. In order to resolve this 
problem, we use Deep Learning for reference speech estimation. 

In past research, we adopted fully connected Deep Neural Networks (DNN) which estimate the 
reference speech spectrograms from reverberant ones. We were able to reduce the reverberation in the 
tested signals, and segmental SNR (SSNR) improved by around 3 dB [1]. In these experiments, the DNN 
was able to estimate one temporal frame of the spectrum from 11 temporal frames in many of the 
experimental conditions. However, we also concluded that 11 frames are inadequate to extract features for 
some severely reverberant environments.  

Accordingly, in this paper, we adopt the Convolutional Neural Networks (CNN), which can potentially 
process more time frames as a feature value, and may be able to estimate the reverberation more accuracy 
even with significant reverberation, leading to a more accurate clean speech estimation. 
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2. THE MODEL 

2.1 Feature Values 

We use the short-time Fourier transform (STFT) with a Hann window with a length of 512 samples, 
50% overlap for feature extraction. Thus, the number of frequency bins is 257. We denote the squared 
log magnitude in the k-th frequency and the m-th frame as X(m,k). Therefore, each magnitude frame, 
denoted as vector 𝕩(m), is: 

𝕩(𝑚) = [ 𝑋(𝑚, 1), 𝑋(𝑚, 2), … , 𝑋(𝑚, 257) ]  (1) 
 
In order to take into account the transition between frames, we construct the input feature as 𝕩(𝑚): 
 

𝕩 = [𝕩(𝑚), 𝕩(𝑚 + 1), … , 𝕩(𝑚 + 256)]  (2) 
 
Therefore, the dimension of the input set is 257×257. The output feature set has the same structure. 

The feature values are normalized between -1 to 1. Additionally, we shift the m-th frame by 50 to make 
the features redundant. 

 
Figure 1. Reverberant speech intelligibility estimation 

2.2 CNN Configuration 

As described in the previous section, we will use CNN for the estimation of the clean speech 
signal. The configuration includes an encoder-decoder U-Net [2] that enables CNN to hold positional 
feature using skip connections. Fig. 2 shows the flow of the feature processing.  

In the encoder part, an input feature matrix with a dimension of 257×257 is convoluted with a 2
×2 dimension filter with a stride of 2 to generate a 128×128 feature matrix. Then, this 128×128 
feature matrix is convoluted with a 4×4 size filter with a stride of 2 to generate a 64×64 feature 
matrix. The same process is repeated until the feature is encoded to a matrix of a single element. 

In the decoder part, the encoded feature matrix of size 1 is transposed, and convoluted with a 4×
4 size filter with a stride of 2 to generate a 2×2 size feature matrix. The same process is repeated 
until the feature matrix is extended to size 128×128, after which this matrix is transposed and 
convoluted with a 3×3 size filter with a stride of 2 to generate a 257×257 size feature matrix.  

The activate function of the CNN is leaky Relu, except for the output layer which uses the 
hyperbolic tangent. 

3. GENERATING TRAINING DATA 
We use reverberant sentence speech generated by convoluting dry speech utterances with an 

artificial Room Impulse Responses (RIR) for training and testing. We generate the RIR in a simulated 
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room with a size of 6m*6m*3m (length, width, height) with various reverberation times using the RIR 
generator [3] by changing the wall reflection coefficients. For training, we use 50 utterances read by 
seven male speakers and generate utterances with eight reverberant times, namely, 0, 0.15, 0.3, 0.45, 
0.6, 0.75, 0.9, and 1.05 s, respectively. For each reverberation time, we generate two different RIRs 
with different microphones and speaker positions. For testing, we use 50 utterances read by another 
three male speakers and generated reverberant utterances with five reverberation times, namely 0.2, 
0.4, 0.6, 0.8, and 1.0 s, respectively. All utterances in the training and test set are monaural with 16-bit 
quantization and 16 kHz sampling frequency. 
 

 
Figure. 2 U-Net configuration of the CNN 

 
 

4. CLEAN SPEECH RECONSTRUCTION AND EVALUATION 
With the trained CNN, we attempted to predict the clean squared log magnitude spectrograms from 

the reverberant ones using the test set, averaging the redundant parts. We can then reconstruct speech 
samples from predicted spectrograms using the Inverse STFT (ISTFT). Here we reconstruct speech 
from the predicted magnitude and the unprocessed (noisy) phase which is calculated from the 
reverberant speech. We calculated the Segmental SNR (SSNR) between the predicted and the 
corresponding original speech samples. Segment length for the SSNR calculation was set to 512 
samples (32ms). 

5. RESULTS AND DISCUSSIONS 
Figs. 3 and 4 show spectrograms of clean, reverberated, DNN de-reverberated speech, and CNN 

de-reverberated speech with reverberation times of 0.2s and 1.0s, respectively. Fig. 5 shows the 
average SSNRs between the clean speech and the raw reverberant speech (circles), between the clean 
and the predicted clean signal using DNN (triangles), and between the clean and the predicted clean 
signal by using CNN (squares), respectively. 

 The figures show that de-reverberation using DNN and CNN can improve SSNR across all 
reverberation times tested. However, the estimation quality using CNN can only exceed that of DNN 
when the reverberation time is 0.2s. With longer reverberation times, the prediction performance was 
lower than the DNN, contrary to our expectations. 

We speculate that this is due to the characteristic of U-Net, which we originally hoped will be 
able to hold the positional information of spectrogram, such as spectral peak positions. As shown in 
Fig. 3, estimated spectrogram using CNNs are more accurate, especially the harmonics mapping, 
than the DNN with a reverberation time of 0.2 s. As expected, the U-Net was able to hold the 
spectral peak positions with this reverberation time. However, with a longer reverberation time, e.g. 
1 s, as shown in Fig. 4, estimated spectrogram using a CNN seems to be smeared compared to the 
DNN. This probably was caused by the U-Net excessively holding the smeared spectrogram 
information from the input to the output, resulting in the smeared peaks.  
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Figure 3. Processed speech spectrograms (reverberation time 0.2 s) 

Spectrograms of clean (top left), reverberant (top right),  

de-reverberated using DNN (bottom left), de-reverberated using CNN (bottom right) speech 

 

Figure 4. Processed speech spectrograms (reverberation time 1.0 s) 

Spectrograms of clean (top left), reverberant (top right),  

de-reverberated using DNN (bottom left), de-reverberated using CNN (bottom right) speech 
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Figure 5. Average SSNR by the reverberation time 

6. CONCLUSION 
In this paper, we attempted to us a CNN for de-reverberation in order to improve the estimation 

performance compared to the past results using a densely connected DNN. Accurate estimation of 
de-reverberated speech is essential in order to estimate the speech intelligibility of reverberant 
speech accurately. We compared the de-reverberation performance of the DNN, used in previous 
research, and the newly introduced U-Net using CNN, in terms of SSNR. As a result, we were able to 
improve the SSNR by up to 2.5 dB using CNN from raw reverberant speech. However, the CNN 
estimation performance exceeded the DNN performance only with the shortest reverberant 
environment. The performance was lower with the CNN for all longer reverberation times. We 
speculate that the result was caused by the characteristics of the U-Net, which was able to hold the 
positional feature. We found that the U-Net was able to reconstruct harmonics construction accurately 
only with the short reverberation time. This characteristic of the U-Net seems to be disadvantageous 
to all longer reverberations, resulting in smearing the estimated spectrograms.  

We plan to estimate phase component not only magnitude component in phase-aware processing 
and use the estimated clean speech to predict the reverberant speech intelligibility without requiring 
the clean reference signal.  
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ABSTRACT 

Methods for estimating speech intelligibility are classified into two types. One is the full reference method 
that estimates the subjective evaluation values using both degraded speech that passed through the evaluation 
system and the original speech before degradation. The other is the non-reference method that estimates 
intelligibility from only degraded speech. In speech intelligibility estimation, it is assumed that the original 
speech cannot be obtained. Therefore, from the viewpoint of practicality, a non-reference method is required. 
In this research, we consider a method to apply the full reference method on degraded speech and original 
speech estimated from degraded speech. The model used here is an intelligibility estimation model using 
Deep Neural Network (DNN) which shows higher estimation accuracy than other methods such as logistic 
regression and random forests. In this paper, we compared the estimation accuracy between estimation using 
original speech and estimation using estimated speech. In the closed test, the correlation coefficient was 
0.9721 and the RMSE was 0.0743, showing the same degree of accuracy as when the original speech was 
used. However, in the open test, the correlation coefficient and RMSE was 0.8307, 0.1839, respectively, 
indicating room for improvement. 
 
Keywords: Speech intelligibility, Noise reduction, Deep neural network 

1. INTRODUCTION 
In speech communication using mobile phones and the Internet, speech quality deteriorates due to 

various factors. For example, mixing of noise from the surroundings, distortion due to data 
compression, packet loss generated at the time of data transmission, and the like can be listed. In order 
to design and manage speech communication systems, it is necessary to evaluate and guarantee the 
quality of the speech that includes such deteriorations.  

Speech intelligibility is one of the measures of speech quality. It is a measure of how accurately 
words and sentences of speech are transmitted to the other party. Currently, the most reliable speech 
intelligibility evaluation method is the subjective evaluation method in which a person actually using 
the system listens to speech and evaluates the speech quality. However, because of its nature, the 
subjective evaluation method requires an excessive amount of time, labor and cost. Therefore, 
research on an objective evaluation method is being conducted, which measures physical quantities 
representing the degree of quality deterioration from the observed signals and estimates the subjective 
speech intelligibility from these quantities. 

The objective evaluation method is classified into two broad types. One is the full reference method 
that estimates the subjective evaluation values using both degraded speech that passed through the 
evaluation system and the original speech before degradation. The other is the non-reference method 
that estimates speech intelligibility from only degraded speech. Generally, the full reference method 
using the original speech as the reference signal boasts a higher estimation accuracy than the 
non-reference method. 

If the reference signal is not available, the non-reference method, which does not require a 
reference signal, is used, but the estimation accuracy is generally lower than the full reference method. 
Therefore, we propose a method to estimate the original speech before deterioration by removing noise, 
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and use it as a reference signal, as a method to obtain the same estimation accuracy as the full reference 
method even when there is no reference signal. 

 In this paper, we performed noise reduction and speech intelligibility estimation using Deep 
Neural Network (DNN) and evaluated its estimation accuracy. We also focus on degradation due to 
additive noise. 

2. SPEECH INTELLIGIBILITY ESTIMATION METHOD 

2.1 Intelligibility Estimation Flow 

The flow of speech intelligibility estimation is shown in Figure 1. First, in order to train a DNN 
model for clean speech estimation, noise is superimposed on clean speech, and noisy speech is created. 
The first DNN (DNN1), which will remove the noise, is constructed by training with the noisy speech 
as input data, and the clean speech as supervisory data. Next, feature values are calculated from the 
noisy speech and the estimated clean speech obtained using DNN 1. Then, the second DNN (DNN2), 
which is trained with the calculated feature values as input data and the subjective speech 
intelligibility evaluation results as supervisory data, estimates the speech intelligibility.  

 

 
Figure 1 – Intelligibility estimation flow 

2.2 Feature Value 

The feature value used is the frequency weighted segmental SNR (fwSNRseg) [2]. The calculation 
is performed using the following formula, 

fwSNRseg =
10

𝑀

∑ 𝑊(𝑗,𝑚) log
𝑋 (𝑗,𝑚)

𝑋(𝑗,𝑚) − 𝑋(𝑗,𝑚)

∑ 𝑊(𝑗,𝑚)
 

(1) 

Here, j is the frequency band number, K is the number of frequency bands, and 𝑊(𝑗,𝑚) is the 
weight of the j-th band. M is the total number of frames, 𝑋(𝑗, 𝑚) and 𝑋(𝑗, 𝑚) are the amplitude 
spectrum of the clean speech and noisy speech in the j-th band in the m-th frame. Instead of using 
fwSNRseg as is, average processing is applied only in the time frame direction, and the weighted SNR 
by the band is taken as the input of DNN 2. In this case, mel scaling is used as the weight, and the 
number of frequency band divisions is set to 16. 

2.3 Japanese Diagnostic Rhyme Test (JDRT) 

The speech intelligibility used in this paper is calculated using the JDRT [3]. DRT is an 
intelligibility evaluation method performed by listening to a word-pair that differs only in the first 
phoneme [4]. The subject listens to only one word in the word-pair and chooses which one was heard 
from a choice of two words. Word speech used in the JDRT is classified into six types according to the 
phonemic feature of the first phoneme in the word. In this paper, we use the result obtained for the 
word-pairs in the feature “sustention” which is considered to be most suitable for training data because 
the effect on the subjective intelligibility shown by additive noise is the largest with this feature. In 
order to exclude the chance level in the number of correct answers in the two-to-one response, the 
correct answer rate is calculated using the following formula, 
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S = (R-W) / T (2) 

Here, S is the correct answer rate (i.e., the intelligibility), R is the number of correct answers, W is the 
number of incorrect answers, and T is the total number of trials. The correct answer rate calculated 
using equation (2) may show negative values. However, in this paper, negative values are forced to 0 
so that the correct answer rate never falls below 0. 

3. EXPERIMENTS 

3.1 Sound Source 

The sound source used for training is the read-word speech in the JDRT word list. This list is a list 
composed of word-pairs differing only in its initial phoneme and is divided into six attributes 
according to phonemic features.  Speech is read words of 120 words in total, 60 word-pairs by 1 
female speaker. All 120 words are used for the training of DNN 1. The word-pairs used for the training 
of DNN2 are the pairs of words classified into the “sustention” feature. The subjective intelligibility 
for the words in this feature has been evaluated by past intelligibility tests. The noise added to these 
words is selected from the JEIDA-NOISE noise database0 [5]. Ten noise types selected from JEIDA - 
NOISE were used for the training of DNN 2, and three were used for testing. The breakdown of the 
noise types used is summarized in Table 1. The sampling frequency for all samples is 16 kHz, the 
number of quantization bits is 16 bits, and the number of channels is monaural.  

Table 1 – Noise used for training and testing 

Noise Training DNN 1 Training DNN 2 Testing DNN 2 

1. Exhibition (booth)    

2. Exhibition (aisle)    

3. Public telephone booth    

4. Factory    

5. Sorting facility    

6. Heavy traffic road    

7. Crowd    

8. Train (bullet express)    

9. Train (local line)    

10. Computer room    

11. Air conditioner    

12. Ducts    

13. Elevator halls    

 

3.2 Training Conditions 

In the training of DNN 1, logarithmic power spectrogram of noisy speech was used as input data. A 
frame for which noise is desired to be removed, and five frames before and after this frame are taken as 
one extended input frame. One frame of the logarithmic power spectrogram of clean speech 
corresponding to the frame for which noise is desired to be removed was used as the supervisory data.  

In the training of DNN 2, fwSNRseg calculated using logarithmic power spectrogram of noisy 
speech and clean speech was used as input data. The spectrogram output from DNN 1 is used to 
calculate fwSNRseg without using the clean speech, i.e., no reference signal is used. The phase 
signal is not required in this calculation. Therefore, the influence of the noisy phase can be neglected 
here. For supervisory data, we used speech intelligibility calculated from the results of the JDRT. The 
intelligibility is calculated using equation (2) using the subject's response to the 20-word speech with 
additive noise. 

The short-time Fourier transform for obtaining the spectrogram was performed with a frame length 
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of 320 samples, a Hann window for the window function, with 50% overlap. The training was carried 
out under the conditions shown in Table 2 using this model. 
 
 

Table 2 – Training conditions 

Item DNN 1 DNN 2 

Preprocessing of training data Standardization Standardization 

Hidden layer activation function ReLU ReLU 

Output layer activation function Linear Sigmoid 

Dropout 0.5 None 

Loss function MSE MSE 

Learning rate 0.01 0.01 

Optimizer Adam Adam 

 

3.3 Evaluation methods 

For the evaluation, we use RMSE between the subjective intelligibility and the estimated 
intelligibility, defined by equation (3). 

RMSE =
∑ (𝑥 − 𝑦 )

𝑁
 (3) 

Here, 𝑥  is the subjective intelligibility, and 𝑦  is the estimated intelligibility. N is the number of 
samples in the test data set. In addition, Pearson's product-moment correlation coefficient is also used 
for evaluation. The formula is defined as follows, 

𝑟 =
∑ (𝑥 − �̅�)(𝑦 − 𝑦)

∑ (𝑥 − �̅�) ∑ (𝑦 − 𝑦)

 
(4) 

Here, �̅� and 𝑦 are the average of 𝑥  and 𝑦  respectively. 

4. RESULTS AND DISCUSSIONS 
Table 3 shows the RMSE and correlation coefficient between subjective intelligibility and 

estimated intelligibility when (1) using real clean speech, and (2) using estimated clean speech as the 
reference signal. In the closed test (training data), the correlation coefficient was 0.9721 and the 
RMSE was 0.0743, showing the same degree of accuracy as when the real clean speech was used. 
However, in the open test (test data), the correlation coefficient and RMSE were 0.8307 and 0.1839, 
respectively, and the accuracy deteriorated significantly. This is still relatively high estimation 
accuracy, given the fact that a clean reference signal is not used here. However, we believe there is 
still much room for improved estimation accuracy. 

Figure 2 shows a scatter diagram of the subjective intelligibility and the estimated intelligibility on 
the training data (closed test), and on the test data (open test). In the closed test, it is shown that the 
plot points are well grouped along the diagonal line, at which the subjective and the estimated 
intelligibility match, and the speech intelligibility is being estimated with high accuracy. The open set 
test shows that the deviation of the plot points from the diagonal line is large, and the estimation 
accuracy is rather low. The following two points can be mentioned as the reasons for the low 
estimation accuracy of speech intelligibility in the open set test.  

The first one is the low accuracy of DNN 1 constructed for noise removal. The model constructed at 
this time is a model tuned specifically for the read-word speech of a single female speaker. Noise 
reduction performance may be relatively low for (1) speech with low SNR that is completely masked 
by noise, and also (2) speech that is mixed with speech from other speakers, i.e., babble noise. It 
seems that the noise cannot be eliminated completely, and also the original speech is significantly 
distorted in these extreme cases.  

The second cause is considered to be a lack of data used for training DNN 2 to estimate 
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intelligibility. Subjective intelligibility used as supervisory data for training DNN is difficult to collect 
in large quantities because it involves a great deal of effort when making an evaluation. It seems that 
the lack of training data caused over-fitting, making it difficult to extract accurate feature values, in 
addition to the low noise removal performance. 

 
Table 3 – RMSE and Pearson correlation between measured vs. estimated intelligibility 

Ref. speech Criteria Training data Test data 

Real clean speech 
RMSE 0.0674 0.1178 

Correlation 0.9759 0.9441 

Estimated clean speech 
RMSE 0.0743 0.1839 

Correlation 0.9721 0.8307 

 

 

 

5. CONCLUSIONS 
In this paper, we investigated a non-reference speech intelligibility estimation using noise 

reduction. DNN was used for noise removal and speech intelligibility estimation. The noise 
component was removed from the logarithmic power spectrogram of the noisy speech, and fwSNRseg 
was calculated using the estimated signal as a reference signal. This calculated fwSNRseg was then 
used to train the DNN to estimate the speech intelligibility. The estimation accuracy of the trained 
DNN was evaluated using the RMSE and the Pearson's product-moment correlation coefficient. As a 
result, the estimation accuracy on the training data was comparable to when using the clean speech, 
but accuracy on the test data (unseen data) deteriorated compared to the case using clean speech. The 
low estimation accuracy may be due to low noise removal performance and low training data volume 
of the DNN for intelligibility estimation. We plan to improve the generalization of the model on 
unseen data by introducing a more sophisticated network topology to the DNN model used in the 
noise reduction instead of a simple densely connected topology model. We will also attempt to 
increase the amount of training data for intelligibility estimation. 
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ABSTRACT 
Classic channel vocoders have been widely used for simulating cochlear implants (CIs). However, some 
important features of state-of-the-art CI strategies were usually ignored, such as pulsatile current, broad 
current spread, and low quantization resolution of intensity. To solve this problem, a novel vocoder was 
proposed, which is combined from Gaussian-shaped acoustic pulses each corresponding to an electric pulse 
and can directly transformed CI-electrodograms to sounds. Compared with the classic channel vocoders on a 
reverberant speech recognition task, this new vocoder was considerably more sensitive to the reverberant 
condition (published in APSIPA-2018). Moreover, its performance is comparable to actual CI users in 
previous CI-reverberation studies. Here, the same paradigm as in the APSIPA-2018 paper was tested on 
actual CI users. We found that under reverberant conditions the CI users got comparable scores to the 
simulated performance from the new vocoder simulation in the NH cohort, while the classic vocoder 
predicted significantly much higher performance This study demonstrated that the classic vocoders 
overestimated the task performance and further lent great support to the usage of the novel vocoder for the 
simulation of reverberant speech recognition in adult post-lingually deafened CI users. 
 
Keywords: Cochlear implant, Reverberation, Vocoder 

1. INTRODUCTION 

1.1 Standard Cochlear Implant Strategy: Continuous Interleaved Sampling 
Modern cochlear implants (CIs) can help deaf people to regain hearing by delivering electric 

pulses sequentially through the implanted electrodes. The electric signal is converted by a CI speech 
processor from the incoming sound. Even nature is generally analog at least within the 
psychophysical range of human feeling, we can easily find that in the very early CI system design 
studies biphasic pulses were considered as one default choice of electric signal waveforms (1). 
Historically, both analog and pulsatile waveforms were used in 1980s and 1990s (2, 3), but the 
analog strategies faded out then. Currently, the strategy framework of most CI products is the 
continuous interleaved sampling (CIS) strategy (4). Its idea is to present “brief pulses to each 
electrode in a nonoverlapping sequence”, which surprisingly defeated the performance of a 
contemporary analog strategy of compressed analogue (CA) strategy which “presented analogue 
waveforms simultaneously to all electrodes”. What’s more, in CIS the brief pulses were only 
modulated by the temporal envelope from each band and the temporal fine structure, which was then 
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well-acknowledged to be important for perception of speech-in-noise, pitch, and sound localization 
were mostly discarded. One advantage of non-simultaneous pulsatile stimulation is reducing current 
interaction between electrodes. This is an example of “Less is more”. The sparser pattern carried by 
the pulses indeed dominates the CI products now. For more posterior explanations about the success 
of CIS, please refer to the article (5) published in 2015 from Blake S. Wilson who was awarded the 
2013 Lasker DeBakey Clinical Medical Research Award mainly because of the CIS strategy 
development. 

1.2 Vocoder Simulation: Temporal Envelope  Noise or Sine-wave Carrier  
In the academic field of CIs, there is an important branch of studies which use  speech synthesis 

method to assemble some key intermediate signals from the CI processing procedure into a sound 
and then play synthesized sound to normal hearing (NH) subjects in order to simulate some aspects 
of CI processing (6). The speech synthesis algorithms are called vocoder, a word came from the 
voice encoder in machine speech synthesizer or telecommunication. The most widely used CI 
simulation vocoders are noise and sine-wave carrier channel vocoders, which use temporal 
envelopes from each band to modulate the continuous noise or sine-wave carrier, since Shannon et al. 
(7). However, CIS’s pulsatile feature, which is critical for actual CIs, does not exist in the simulated 
ones at all. This may be one of the reasons for some observation, like in (8), that behavioral results 
with the classical vocoders overestimated actual CI users’ performance. 

1.3 New Pulsatile Vocoders: Mapping Electric Pulses to Acoustic Pulses 
Therefore, a pulsatile vocoder was proposed recently in Meng et al. (9) and Lin and Meng (10). 

The idea was pretty straightforward that each electric pulse e(t) within a CI electrodogram (i.e., a 
Time  Electrode  Intensity graph) was replaced by an acoustic pulse a(t) which should be carefully 
controlled on spectral-temporal domain. The acoustic pulses can replicate the timing feature of 
electric pulse, but it should be emphasized that the electric pulse in CI and the acoustic pulse in the 
vocoder has different physical properties. According to the time and frequency scaling property of 
Fourier transform, we know if  is the Fourier transform of the acoustic pulse a(t), then a time 
scaled acoustic pulse a( t) has a Fourier transform of . This means there is an inverse 
relationship between the time and frequency domains, which is also known as the time -frequency 
uncertainty principle. However, for all electrodes of a CI usually use the same electric pulse is used, 
i.e., e(t)’s standard waveform is a biphasic pulse with tens-of-microseconds duration, microseconds 
of inter-phasic gap, and envelope-controlled current intensity. Corresponding to each electric pu lse, 
the auditory spectral range, which may be determined by neurons being stimulated by the pulse, is 
influenced by many factors including electrode place, physiological status of the auditory nerves, 
conditions of tissues between the electrode and the neurons, and so on.  

However, the acoustic models of vocoder simulation have never been expected to replicate all 
features of CIs. Most of the studies using the noise and sine -wave carrier vocoders just wanted to 
predict a trend of CI behavioral data versus some strategy parameters, e.g., channel number, 
envelope cutoff frequency, and current spread.  

The pulsatile vocoder idea can be found in Lu et al., (11) (an abstract in 2007 Conference on 
Implantable Auditory Protheses), where Gaussian-enveloped tones (GET) was proposed to control 
place, rate, and electric field spread of stimulation. However, several subsequent publications  in 
formal journals based on the GET vocoder only reported some basic psychophysical experiments. No 
related speech recognition result has been reported. Meng et al. (9) carried out a preliminary study in 
this direction. Reverberant speech recognition with a Gaussian-enveloped-pulse vocoder was tested 
in NH subjects. Compared with previous CI data, the results with the new vocoder showed better 
simulation of actual CIs than the classic vocoders. In this paper, we add a CI experiment using the 
almost the same paradigm as Meng et al. (9) and provide supportive evidence.  

2. METHODS 

2.1 Brief Summary of Previous Experiment Methods 
Binaural room impulse responses (BRIRs) were recorded in two classrooms (No.107 and 212).  

Their reverberation times (T30) were 1.5 and 0.5 s respectively. The signal flowchart of the 
experiment in Meng et al., (9) is shown in Fig.1(A). Convolution output of Mandarin sentence 
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signals from MHINT corpus and the BRIRs were further processed by a vocoder of a classic 
noise-carrier vocoder or a new pulsatile noise-carrier vocoder. Then, the vocoded stimuli were 
presented through headphones to NH subjects. The classic vocoder used temporal envelopes from 22 
or 16 bands to modulate bandlimited noises. The pulsatile vocoder converted electrodograms from a 
22 or 16 channel Advanced Combination Encoder strategy (ACE; a default strategy for Cochlear 
company’s product) into sound stimuli directly. The spectrograms of the vocoded reverberant speech 
were shown in Fig.3 of (9).  

2.2 Methods for Current Experiment 
Convolution output of Mandarin Sentences from MHINT and RIRs at the left ear were presented 

to CI subjects through a high-quality soundcard (TASCAM US-366) and a high-quality loudspeaker 
(Yamaha HS5I) in a sound-proof room. The loudspeaker was located about 0.5 m in-front-of the 
subject’s implanted-side ear. The sound pressure level is about 70 dB A. The experiment paradigm 
for measuring speech intelligibility was the same as previous study (9). 

Four CI subjects participated in this experiment and their information is shown in Table 1. 
Participation was compensated and all subjects gave informed consent in accordance with the 
Shenzhen University’s review board.  

Table 1 – CI user demographic information, hearing history, and device information 

Subject Gender Age(yr) CI Experience (yr) CI Processor Etiology 

C20 M 10 8 Right: Cochlear Freedom Congenital 

C21 F 34 7 Right: Cochlear CP900 Drug-induced 

C28 F 40 11 Right: Cochlear N6 Ototoxicity 

C30 F 23 1 Right: Cochlear Freedom Unknown 

3. RESULTS AND DISCUSSION 

 
Figure 2 – Speech Recognition Scores with 4 CI listeners and classic and pulsatile vocoders 10 NH listeners 

under three reverberation conditions (i.e., no reverberation, T30 = 0.5 s, and T30 = 1.5 s) 

Classic or Pulsatile 

Classroom 
No. 107   
No. 212 

BRIRs Vocoder Speech Headphones NH Subjects 

Loudspeaker CI Subjects 
MHINT 

Corpus 

(A) 

(B) 
Mono Channel 

Figure 1 – Signal flowchart of the experiments. (A) Meng et al. (9) (B) Current Paper 
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The speech recognition scores of CI results and the NH results with 22 channel vocoders are 
shown in Fig.2. For original speech, i.e., under no reverberation condition, all three groups show 
very high scores approaching 100 %. For reverberation conditions, vocoder simulation with the 
classic vocoders overestimated the CI performance. The new pulsatile vocoder simulation showed 
comparable results with the CI subjects. Both CI cohort and pulsatile vocoder cohort were very 
sensitive to the reverberation. Stronger reverberation derived worse scores for them. Especially for 
the RIRs in Classroom 212 with T30=1.5, most CI listeners (3/4) and most NH listeners with the 
pulsatile vocoder (9/10) got scores lower than 20%, while most NH listeners with the classic vocoder 
(8/10) still got scores higher than 60%. 

Actual CI listeners were tested in this study to verify a previous study on a new pulsatile vocoder 
(9, 10). The CI results combined with the vocoder simulation results from that study showed 
supportive evidences for the new pulsatile vocoder.  

The pulsatile vocoder here uses Gaussian-shaped pulses. We know that Gaussian function’s 
Fourier transform is also a Gaussian function. The time duration and frequency bandwidth have an 
inverse relationship. In the future, more quantitative analysis  (on vocoded stimuli) and perceptual 
experiments (comparing CI and NH with various parameter settings)  should be carried out to fully 
explore the potentials of the pulsatile vocoder on simulating the electric hearing.  

4. CONCLUSION 
Pulsatile vocoders directly convert CI electrodograms into sounds which are consisting of 

acoustic pulses with precise timing information and controllable frequency range to some extent. 
Reverberant speech perception with actual CI listeners were overestimated by classic vocoders and 
showed comparable performance as simulation results using the recently proposed pulsatile vocoder. 
This supportive evidence encourages us to further explore its potentials in the future. 
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Relationship between Drive Signal and Stability in MIDS Modulator 
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ABSTRACT 
We propose a matrix driving method using a multi-input delta-sigma (MIDS) modulator to drive a large 

number of speakers. The MIDS modulator shares a single quantizer among multiple ΔΣ modulators and is 
able to drive the speaker array using the multiplication output individually and simultaneously even though 
the wiring is common. In other words, N × Nch speaker arrays can be driven individually with 2 × N wirings, 
instead of using time division as in imaging devices. 

In this paper, we discuss the relationship between the drive method and stability for these MIDS 
modulators. In general, it is known that input signal amplitude of the ΔΣ modulator is limited by the peak 
value of the transfer function for quantization noise. Meanwhile, in the MIDS modulator can be used as a 
common quantizer for multiple signals, and the quantization noise from each input signal can be related to 
the other input signals. Therefore, simulations are performed to confirm the limit values of the input signals 
at the time of driving by the MIDS modulator. In the simulation, we compare the method combined with 
the random signal and the method of quantizing the modulator alternately by the X- and Y- axes. 
Consequently, in the proposed method, the stable input range is determined by the sum of the energies of 
the input signals regardless of the drive method, while the stable pole location differs depending on the 
drive method. 
 
Keywords: Loudspeaker array, Multi-input delta-sigma modulator, MIDS, Super-multichannel processing, 1bit 
signal processing 

1. INTRODUCTION 
Sound waves are physical phenomena by which three-dimensional vibrations propagate; however, 

to reproduce an arbitrary wavefront strictly based on the Huygens principle, it is necessary to set 
control points, such as speakers, every half-wavelength distance for the target frequency band. We 
have constructed a recording/reproducing system, such as a 1024 channel microphone array, that 
satisfies the sampling theorem in space by using high-speed 1-bit signal processing [1]. However, it is 
difficult to construct a large-scale system by individually wiring each element; therefore, a method 
capable of controlling multiple points with a simpler structure is desired.  

In a normal speaker, because the voltage difference between terminals is proportional to the 
acoustic output, it is inevitable that a strong correlation exists between the outputs when multiple 
speaker elements are driven using a common wiring. However, these problems may be solved if the 
speaker output is proportional to the product of the voltages between the terminals. Therefore, we 
propose a multichannel drive method that introduces multi-input delta–sigma (MIDS) modulation to 
encode signals input to a speaker array drive system using the multiplication output transducer array 
[2-4]. In the proposed method, a free structure wherein the inputs are combined with random signals or 
alternately quantized in the X- and Y-axes is possible. Therefore, we compare the stabilities of the 
input signals and pole locations between the two drive methods in this study.  

2. MULTI-INPUT DELTA-SIGMA MODULATOR 

2.1 Driving by common wiring 
To construct a speaker array of extremely high density and a large number of channels, the 

individual-wiring method shown in Fig. 1 poses an implementation limit. Alternatively, in a speaker 
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array in which the wiring is common, the outputs are proportional to the difference signals and always 
exhibit a correlation. In an imaging device, a multichannel drive with common wiring is realiz ed for 
scanning; however, a hardware limitation exists in the drive of the sound signal, thus requiring high 
sampling and dynamic ranges compared with those for images. Further, it is difficult to increase the 
scale of the structure in which an IC is installed for each element. Therefore, in this research, we use a 
speaker that radiates an output proportional to the product of two input control signals, and consider an 
array to connect those speakers with common wiring. The scheme for this is shown in Fig. 2. By using 
speakers that output the multiplication result, it is possible to drive individually although it is common 
wiring. For example, considering an array in which 1-bit signals (1, -1) are output, as shown in Fig. 3, 
it can be easily noted that each speaker output is determined only by the combination of the respective 
input lines. With such a structure, individual control of the N × N channel can be performed with 2 × 
N control signals as shown in Fig.2. As array control using a multiplication output speaker and 
common wiring, a structure using an electrostrictive element is proposed[5]. and a method using the 
Semi Discrete Decomposition for generating drive signals is proposed[6-7]. However, the 
multiplication output structure is weak to noise between steps on hardware when the drive signal is 
composed of multibit, and the effective sampling frequency is limited in time division driving.  

Therefore, the purpose of this research is to realize a speaker array that can be driven passively and 
individually while having common wiring, not being driven by time division, and additionally can be 
driven with 1-bit signal. Hence, we propose the MIDS modulator as a method of generating signals. 

 
Fig 1 – Individually wired array  Fig 2 – Array using common wiring Fig 3 – Combination of  
      with multiplication output 1-bit signal 

2.2 Delta Sigma modulator 
 modulation is widely known as a quantization method for continuous s ignals such as sound 

signals[8]. It is a method of controlling the frequency characteristic of quantization noise by feeding 
back the quantizer output and obtaining a dynamic range in a desired band even with low bit 
quantization. The output of the first-order ΔΣ modulator, which is the basic structure, is shown in Eq. 
(1); the block diagram is shown in Fig. 4, and the spectrum of the simulation result of the output 
signal when a sine wave is input is shown in Fig. 5. As shown, the dynamic range of the audible 
range is obtained while the number of quantization bits is 1.  

 (1) 

V : Quantized signal   U : Input signal   Nq : Quantization noise for Qin  

Figure 4 – First-order ΔΣ modulator Figure 5 – Spectrum of output by 1st-order ΔΣ modulator 
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2.3 MIDS modulator 
As a method of generating a signal for driving a multiplication-output-type speaker array described 

in Section 2.1, we proposed the MIDS. A block diagram of the proposed method with four 
inputs/outputs and one quantization output is shown in Fig. 6. Unlike the normal ΔΣ modulator, the 
quantizer is common to multiple ΔΣ modulators and the product of the quantizer output Y and the 
individual signals X1 to X4 is the output of each channel. The basic idea of the proposed method is that 
although the control signal is common, the errors generated at each point are individually fed back and 
noise shaping is applied. In this method, X1 to X4 must be instantaneously uncorrelated with each other 
to output individual signals. The common quantizer Q ' produces an output that minimizes the sum of 
the error energy, which becomes Eq. (2) when driving with a 1-bit signal. 

 (2) 

As an example, consider a system in which four points are controlled by four M-sequence signals 
(random signals) and one control line, as shown in Fig. 7. The spectrum of each output (the product 
of the common quantizer output and each random signal) by the modulator is shown in Fig. 8. 
Different sine waves were used for the input signal. As shown, the input signals were output while 
maintaining their independence, and noise shaping was applied.  

  
Figure 6 – Block diagram of the proposed method   Figure 8 – Simulation results for four channels 

(first-order modulator)    
Furthermore, when viewed from one channel, as shown in Fig. 9, the quantizer input of the other 

channel can be considered to be added as a whitened dither signal by being multiplied by the individual 
signal X. Assuming that these assumptions hold,  times whiteness dither can be added to Qin in the 
channel units. That is, if the level of Nq is considered to be constant, it can be regard ed as equivalent 
to having a gain  in front of the quantizer, as shown in Fig. 10. Furthermore, the transfer 
function of this equivalent block diagram is Eq. (3).  

 
Figure 9 – Quantizer seen from one channel  Figure 10 – Channel unit equivalent block diagram 

 

 
Figure 7 – Combination with random signal 
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Nq (3) 

We have confirmed by simulation that the equivalent block diagram of Fig. 10 matches 
approximately the quantization noise spectrum of the proposed method (however, the gain k is 1/N 
only in the first-order system). In addition, the suppression characteristics of the quantization noise 
can be controlled by changing the order of the loop filter, as in the case of a normal ΔΣ modulator. In 
the proposed method, the system may become unstable in the second- or higher-order system, but the 
stability can be maintained by controlling the pole location of the loop filter as in the normal modulator. 
At that time, the transfer function shown from each channel is expressed by the following:  

Nq (4) 

STF1 and NTF1 are transfer functions of the input signal and quantization noise when k = 1.  

2.4 Drive Signal Combination 
The proposed method can be used even if one side of the signal is a pseudorandom signal. Hence, 

the control signal that is changed according to the sound source is only one side, and advantages such 
as simplification of hardware and prevention of limit cycles can be obtained. Therefore, in this study, 
we examined the stability of the two drive methods, as described below. Method 1 is a method in which 
the X-axis direction is a random signal of M-sequence and the Y-axis direction is a control signal, as 
shown in 11(a). Method 2 is a method in which both the X- and Y-axes are used as control signals, and 
they are alternately quantized, as shown in Fig. 11 (b). For convenience, these control methods are 
herein named as one-dimensional and two-dimensional control, respectively. In these methods, the 
effective sampling frequency and information amount of the control signal are the same, and when 
the same loop filter is used, the spectrum after quantization coincides.  Fig. 12 shows the spectrum of 
a third-order modulator in which the pole of NTF1 is 0.93 in each method. The results in the 
configurations of (a) and (b) of Fig. 11 are indicated by “a” and “b” , respectively, in Figs. 12 and 13. 
The characteristics are highly consistent. Meanwhile, differences are observed in the range of pole 
locations that operate stably. Fig. 13 shows the spectrum when the pole location is 0.9. As shown, the 
two-dimensional control operates stably even at the pole location that becomes unstable when 
quantized by a one-dimensional control signal. Consequently, a better S/N can be obtained in the 
two-dimensional control. Therefore, although the transfer function as a filter is the same, the range 
of stable operation differs depending on the drive type. 

 

 
Figure 11(a) – Combination with random signal  Figure 11(b) – Alternate quantization method 

 
Figure 12 – Comparison of quantization results Figure 13 – Result of moving the pole 

within a stable range (pole location = 0.93)              (pole location = 0.9) 

X

Y

X

Y
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3. COMPARISON OF STABILITY BY DRIVE METHOD 

3.1 Stability to input signals 
In a normal ΔΣ modulator, the level of an input signal that operates stably is limited according to 

the peak of the frequency characteristic in the loop filter. Meanwhile, the proposed method is 
characterized by that the quantizer of the input signals are common, and that the stable operating input 
range will be determined by the input level for each channel and the entire system. Therefore, in the 
proposed method composed of four M-sequence signals and one control signal shown in Figs. 7 and 11 
(a), the relationship between the location of the unstable pole and the input signal was confirmed by 
simulation. Fig.14 shows the levels of the input signals for which the simulation was performed. The 
numerical value of the level is normalized by  to the quantizer output -1,1. Moreover, 
considering the limit cycle, the notation “0” is approximated by a minute input of 1/1000.  The 
frequencies of the input signals are bin numbers 9 to 13 for the window length 65536, and the signals 
are different sine waves. The number of quantization bits is one. The poles of NTF1 were slid and the 
values at which the system became unstable were compared. The results for driving points 4 to 64 are 
shown in Fig. 15. The value of the pole is shown as a normalized value between the value when all 
the inputs are 1 and that when all the inputs are 0.  Although the input signals are different from each 
other, the unstable pole values show the same tendency for the group in which the sum of squares of 
the input signals is 2 (A,B,C) and the group in which they are 1(D,E). As described in Section 2.3, in 
the proposed method, each quantizer input can be regarded as whitened and added to each other.  The 
results in Fig. 15 suggest that the stable input range is also determined by the sum of the input signal 
energy. 

 
Figure 14 – Combination of input signal levels Figure 15 – Stable pole position with respect 

(one-dimensional control)      to driving points (one-dimensional control) 
 

Meanwhile, simulations were performed in the case of alternate quantizing; as shown in Fig. 11 (b) , 
and is simulated with a 4 × 4 structure. The input channel is divided by 2 × 2, and similar to Fig. 14, a 
simulation is performed by inputting a sine wave with the amplitude value of the pattern shown  in 
Fig. 16. The obtained minimum pole location for a stable operation is shown in Fig. 17. Even in the  
two-dimensional control, the pairs (A,B) and  (C,D) in which the energy sums of the quantizer 
input signals coincide are well matched. It was suggested that the stable range was determined by the 
energy sum of the input signal in the two-dimensional control. 

A

B

C

D

E
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Figure 16 – Combination of input signal levels Figure 17 – Stable pole position with respect 

(two-dimensional control)      to driving points (two-dimensional control) 

3.2 Differences in stability due to driving methods compared at quantizer input 
The design of a normal ΔΣ modulator is performed by calculating the peak of the transfer 

function of quantization noise. Meanwhile, in the proposed method, as shown in Fig. 9 and Section 
3.1, the quantization noise itself changes in according to the input of all channels. In addition to that, 
as shown in Section 2.4, although the transfer function of the system is the same, the range of stable 
operation differs depending on the drive type. Thus, in order to discuss stability, it is necessary to 
consider parameters including these terms that occur non-linearly. Therefore, we considered that the 
amount of feedback energy from the quantizer was different depending on the driving method, and 
compared the RMS value of the quantizer input and the stable operation range.  

In the simulations, the input signal is a sine wave of amplitude  with different frequencies 
in each channel. The locations of the poles of NTF1 were reduced and the RMS values of the 
quantizer input at the limit of stable operation were plotted.  The simulation to 4 to 64 ch was 
performed and an approximate curve was added. The results for the one- and two-dimensional controls 
are shown in Figs. 18(a) and 18(b), respectively. The approximate curve in the figure is shown below. 
Third-order modulator in one-dimensional control:  
Fifth-order modulator in one-dimensional control:  
Third-order modulator in one-dimensional control: 1.2  
Fifth-order modulator in one-dimensional control: 0  

The two-dimensional control can operate stably with a large quantizer input, thus implying that 
the stable operation range is wide. In addition, the results fit well to the order of  in 
one-dimensional control and to the order of  in two-dimensional control. Although the 
theoretical background of these values is a future subject, we could obtain an index indicating the 
difference in stability in each drive system. The transfer function to the quantizer input can be found 
by subtracting Nq from NTF in Eq. (4). Therefore, by obtaining an approximate curve, an appropriate 
pole location can be back calculated for the number of driving points.  
 

  
(a)  one-dimensional control            (b) two-dimensional control 

Figure 18 – Driving point vs. RMS value of quantizer input 

A B

C D
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4. CONCLUSIONS 
We herein discussed the relationship between driving method and stability in our proposed MIDS 

modulator. We examined two driving methods: a driving method that quantized one dimensionally in 
combination with a random signal, and a two-dimensional driving method that quantized the X- and 
Y-axes alternately. As a result of simulation by the combination of multiple input levels, it was 
confirmed that the sum of energy of the input signal was related to the range of pole location for a 
stable operation in each driving method. In addition, by analyzing the RMS value of the quantizer 
input with respect to the number of driving points, the RMS value was approximated to the power 
curve specific to the driving method. By obtaining these approximate curves, the pole location for 
stable operation could be calculated with respect to the number of driving points, that is, the 
difference in stability between them was demonstrated. 

In the proposed method, although the speaker required a multiplication output structure, the 
speaker array could be driven individually while using common wiring. Moreover, a passive 
structure could be constructed using a diode, a capacitor speaker, etc., and a “super multi-channel” 
speaker array could be created. The findings in this paper suggested that stability increased in the 
order of the power as the number of combinations of control signals increased.  In the future, we 
would like to consider a method in which the two-dimensional quantization method is not performed 
alternately on the X- and Y-axes, but instead all points are collectively performed. 
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Measurement of Current Noise and Distortion in Resistors 

Youhei MIYAOKA1; Minoru Kuribayashi KUROSAWA2 
1,2 Tokyo Institute of Technology, Japan 

ABSTRACT 
In RF telecommunication systems, passive intermodulation has become a significant problem to get stable 
telecommunication. The passive elements’ distortions are actual problems in telecommunication systems due 
to multi-carrier frequencies. In audio systems, much more frequency spectrum peaks are existed and the 
spectrum peaks change in time and time. If a resister generates some distortions, the distortions are 
significant problems in elector-acoustic systems. In the resistor, there is current noise generated by the 
current flow. Due to the influence of the current noise, the current flow is not always constant, so the 
fluctuation may cause nonlinear response. Then, it is thought that the resistor has some nonlinearity, and the 
resistors’ nonlinearity causes the signal to be distorted. In this study, we first measured the current noise as a 
parameter, the resistance and the voltage and wattage. Then we designed measuring circuit of distortion and 
measured the distortion in the resistor. Finally, we try to find the relation between current noise and 
distortion. 
 
Keywords: Distortion, Noise, Resistor 

1. INTRODUCTION 
The sound of listening in the concert hall and the sound from speakers are quite different. The 

former is “raw” sound, the latter is “electric” sound. The "good" and "bad" sound of the audio system 
is based on the listening result, and there is only the subjective evaluation. If there is a difference in 
sound, an objective evaluation based on physical measurement should be possible.  In this study, we 
considered that distortion in analog circuits was one of the causes that affect sound. The distortion 
expressed by the times of the input signal frequency is called harmonic distortion, and their sum or 
difference frequency distortion expressed intermodulation. Especially, the intermodulation occur in 
passive circuit is called PIM (passive intermodulation). PIM is caused by the nonlinearity of a circuit 
composed of passive elements (1). we focus on the resistor, and consider the method of measurement 
of distortion. 

2. MOTIVATION  

2.1 PIM in RF telecommunication system 
In the next generation communication, PIM has become a serious problem by receiving the signal 

near the carrier frequency by improving the sensitivity of the receiver in addition to the broadband, and 
PIM is attracting high interest now. Given the above, it can be considered that the same phenomenon 
has occurred in the audible area which dropped the frequency band.   

2.2 Nonlinearity of resistors 
As mentioned introduction, PIM is caused by the nonlinearity of a circuit composed of passive 

elements. Therefore, if the signal is distorted by the resistor, the reason of distortion is due to the 
nonlinearity of the resistors. Resistors are consisted from a variety of materials, carbon solid, thick 
film, thin film, wirewound, or metal foil. Each resistor has specific characteristics suitable for a 
variety of applications with different requirements. 

                                                        
1 miyaoka.y.ab@m.titech.ac.jp 
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2.3 Noise in resistors 
There are two main noises in the resistor, the thermal noise and the current noise. Thermal noise is 

called Johonson-Nyquist noise; noise voltage of thermal noise  is expressed with following 
equation 1. T is resistor conductor temperature in kelvin, R is the resistors’ value in ohms, and  is 
Boltzmann constant. 

TRkV Bthermal 4  [ ] (1) 

Current noise is excess noise generated when current flows through the resistors. The current 
noise has features that the noise is directly proportional to the current flowing through the device.  
Current noise has a frequency characteristic, which PSD (Power Spectral Density) in resistors is 
reciprocal of the frequency (1/f characteristic). Therefore, the sum of the noise  from the 
resistors is represented by the RMS (Root Mean Squares) value, by using current noise PSD 

, 

222
currentthermaltotal VVV . (2) 

While the thermal noise is white noise, the current noise is pink noise.  We assume that the current 
noise is a nonlinear phenomenon and that the magnitude of the current noise represents the 
magnitude of nonlinearity. 

3. CURRENT NOISE MEASUREMENT 

3.1 Measuring method 
There are standards to measure the current noise such as the IEC60195 (2) or MIL-STD-202-30 (3). 

The existing standards measure the RMS value in some frequency band settled by a bandpass filter. 
From the RMS noise value in a certain frequency band, we cannot recognize the noise in current 
noise or not; the current noise has the 1/f characteristic (4). We need frequency distribution of the 
noise value.  

For this study, we chose to follow the method developed by Frank Seifert (5-6). His method is using 
a full Wheatstone bridge consisted of four DUT (Device Under Test) resistors and an instrumentation 
amplifier.  
Figure 1 is the circuit configuration to measure the current noise using the Wheatstone bridge, that 
makes it possible to obtain frequency characteristics from the FFT result, and can overcome the 
problem of IEC and MIL ahead. Here, when the noise voltage generated from each resistor  are 

, the input voltage to the amplifier  is, 

4
V

2
4

2
3

2
2

2
1 . (3) 

As equation 3, assuming that four resistors have same resistance value and raised comparable noise, 
it can be seen that output noise is equivalent to the noise generated from one resistor.   

The experiment was carried out using 10kΩ resistors with the voltage sources of NiMH AA 
batteries. The circuit had two-stage amplification; a differential amplification to the first stage, and 
non-inverting amplification to the second stage. The reason for the two stage is to obtain a flat 
frequency characteristic in wide range. The amplifiers were chosen in consideration of the source 
impedance, first stage was AD620 (Analog Devices) and second was AD797 (Analog Devices). One 
battery had a stable electromotive force of 1.3V. The amplifier output, after  passing anti-aliasing 
filter, was fed into an oscilloscope, which was remotely controlled by a personal computer running 
on MATLAB® program for automated noise measurements. The antialiasing filter using the 
experiment was 7th VCVS-Butterworth low pass filter, which cut off frequency was 100kHz. All the 
circuit were fabricated by considering the wiring pattern so that the noise caused by the loop noise 
was not generated by using the board design software EAGLE. 
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Figure 1 – Circuit configuration 

3.2 Differential excitation voltages 
The measurement result is shown in Figure 2. The source voltage changed from 2.6V to 20.8V was 

applied to the Wheatstone bridge composed of 10kΩ carbon film resistors. The unit voltage value was 
1.3 V fixed by the electromotive force of one battery. The current noise PSD was reciprocal of the 
frequency at 1Hz to 100kHz. When the applied voltage was small with 2.6V, it was confirmed that the 
current noise was reduced at a frequency of 1kHz or more and convergence to the line of thermal noise. 
From equation 3, the thermal noise output is equivalent to the noise generated from one resistor as 
well as the current noise output. The value of a 10kΩ resistor thermal noise is calculated as 

 from equation 1. The amplifier noise like input referred voltage 
noise were small compared to the thermal noise. It is effect of anti-aliasing filter that the PSD was 
rapidly damped near 100kHz.  

The measurement results of various resistors are shown in figure 3; the measurement conditions 
were fixed at 10kΩ and 10.4V. From the results, large noise was observed in the trimmer and the 
carbon-based resistor (carbon film and carbon composition), and a small noise was seen in the 
metal-based resistor (metal oxide and metal film).  

Considering the result of carbon film resistors and metal film resistors, we assumed that the 
nonlinearity is high in the carbon film resistor and the nonlinearity is low in the metal film resistor. 
Namely, it is hypothesis that the carbon film resistor has large distortion and the metal film resistor 
has small distortion.  

 

 
Figure 2 – Carbon film resistor current noise characteristics for different excitation voltages 
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Figure 3 – Current noise of leaded resistors with 10kΩ, 10.4V 

4. DISTORTION MEASUREMENT 

4.1 Novel distortion measurement method 
It has been reported that SMPTE method (7) and CCIF method (8-9) are used as a measurement 

of the IM for an active element (10). Both methods are measured by using two tone signal into the 
circuit. The SMPTE method uses a far separated frequency combination such as  = 60Hz,  = 
7kHz, and the CCIF method uses a close frequency pair such as  = 14kHz and  = 15kHz. Both 
SMPTE and CCIF use a bandpass filter to obtain the modulated frequency signal. The bandpass filter 
has passive elements that we want to evaluate. The usage of the passive element s in the filter circuit 
makes the discussion to be complicated. 

In the same way, there is THD (Total Harmonic Distortion) or THD + N (+Noise) as a method of 
evaluating harmonic distortion, these evaluating method does not contain only harmonic distortion, 
and is not suitable for discussion of intermodulation. Even if the terms of the intermodulation 
distortion are included, as in the case of measuring the current noise in IEC and MIL, these methods 
are not appropriate because the value came out is a single scalar value. Moreover, the result is not 
quantitative because the harmonic distortion which can be observed depends on the measurement 
environment such as the resolution of the measuring instrument. We need to investigate a new 
measurement circuit to solve these problems.  

Figure 4 shows a new circuit configuration to measure the distortion. The measuring circuit us es 
full Wheatstone bridge consisted of two DUT and two reference resistors; the metal foil resistor 
(Vishay Z-foil resistors) was chosen for the reference resistors. To the Wheatstone bridge, two types 
of source signals  and  are applied as shown in Figure 4;  has 1kHz + 1.1kHz mixed 
sinusoidal signal and  has reversed phase same frequencies signal. Due to the unbalance of the 
bridge circuit, only the inter modulated signals are sensed at the output X-Y, the amplified by an 
instrumentation amplifier. It is considered that unbalance of the bridge is caused by the difference of 
the distortion between the reference and the DUT. The results of the two reference and two DUT are 
compared with the all four reference. 

The circuit output is evaluated by adapting the distortion rate of the CCIF method.  The CCIF 
distortion rate shows the output voltage divided by the total voltage of the original signal by a 
percentage. In this study, we replace these voltages with FFT output voltages.  The distortion rate  
is obtained  by following equation, 

100
1.1kHz1kHz VV

VH  [%] (4) 

where  is the voltage at the focusing frequency  calculated by FFT output.  
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Figure 4 – Novel distortion measurement method 

4.2 Result distortion measurement 
The distortion rate obtained from the measurement are shown in figures 5 and 6: figure 5 shows 

that the DUT is carbon film resistors, and figure 6 is metal film resistors. The experiment was 
carried out using a sinusoidal waves of 10  and 1kHz + 1.1kHz. 

In figures 5 and 6, the red plots indicate the result of all metal foil resistors of the bridge. The 
blue plots indicate the result of one side metal foil resistors and the other side DUT. In comparison 
between figure 5 with figure 6, the blue plots of the carbon film resistor are far off from the red plot, 
whereas the metal film resistor shows close value to the red plot. From those result, it is possible to 
think that the metal film resistors show the properties close to the metal foil resistors.  If the reference 
metal foil resistor is the ideal resistor without distortion, that is, the metal film resistor can be said to 
be a resistor with small distortion, and a carbon film resistor is a resistor with large distortion. 

The distortion measurement results are consistent with the assumption of the current noise 
measurement; the distortion is large in the carbon film resistor and the distortion is small in the 
metal film resistor. Therefore, it can be said that the signal is distorted by the resistor, and the 
distortion is different depending on the type of resistor. Moreover, there is a possibility that these 
phenomena are related to non-linearity. 

 

 

Figure 5 – Distortion rate  in carbon film resistor 
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Figure 6 – Distortion rate  in metal film resistor 

5. CONCLUSIONS 
We investigated the difference of nonlinearity by the type of the resistor, and experimented with a 

new distortion measurement method. Focusing on the current noise as the nonlinear phenomenon of 
the resistor, the current noise was measured. Finally, we found the possibility that there is a correlation 
between the current noise and the distortion. However, the quantitative discussion could not be 
reached by various factors including the measurement equipment such as the distortion of the signal 
source. Therefore, it is necessary to continue to examine the circuit in order to conduct a quantitative 
discussion. 
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Robust long-distance aerial audio data hiding: Comparison between
amplitude modulation-based hiding and bilateral time-spread echo hiding

Akira Nishimura1(1)

(1)Tokyo University of Information Sciences, Japan, akira@rsch.tuis.ac.jp

Abstract
Voice evacuation and mass notification systems that use outdoor loudspeaker systems play an important role in
propagating emergency information in Japan. However, informing the hearing impaired and the elderly who
have difficulty in hearing as well as tourists and foreigners who do not understand Japanese remains a serious
problem. Therefore, aerial data transmission combined with voice evacuation messages with the aid of informa-
tion hiding technology should be considered. The bilateral time-spread echo hiding method has been proposed
for such a system, in which speech signals are broadcast by the outdoor loudspeakers of a voice evacuation and
mass notification system. In addition, amplitude modulation-based watermarking has been shown to be robust
against reverberation and background noise. Evaluations of both methods for speech signals were conducted
using computer simulations, including several disturbances caused by the long-distance (70―800 m) aerial
transmission of sounds. The frequency response of a distant horn-array loudspeaker system, the absorption of
sound by the atmosphere, reverberation, a single long-path echo, and additive background noise are simulated
as disturbances. The results demonstrated that the bilateral time-spread echo hiding method was more robust
against the disturbances than the amplitude modulation-based method.

Keywords: Watermarking, Bit error rate, Reverberation, Background noise, Air absorption

1 INTRODUCTION
This study aims to compare audio data hiding methods—the improved time-spread echo hiding method [8] and

the method based on subband amplitude modulation [7]—for speech signals broadcast by the outdoor loud-

speakers of a voice evacuation and mass notification system. Evaluations of the data hiding system for speech

signals are conducted by computer simulations, including several disturbances caused by the long-distance (sev-

eral hundreds of meters) aerial transmission of sounds.

Large-scale disasters, such as earthquakes, tsunamis, terrorism, and the firing of ballistic missiles, are occa-

sionally a public threat in Japan. Voice evacuation and mass notification systems that use outdoor loudspeaker

systems play an important role in propagating emergency information. However, one severe problem is in-

forming the hearing impaired and the elderly who have difficulty in hearing as well as informing tourists and

foreigners who do not understand Japanese. Audio data hiding technologies combined with mass notification

systems are promising systems that can transmit both hidden information and voice messages via speech sounds

emitted from a loudspeaker. The received and decoded information is displayed on a digital terminal, such as a

smartphone.

Some aerial audio watermarking technologies have been developed for use in an evacuation and mass notifica-

tion system [12, 11, 4]; however, they are not suitable for outdoor long-distance transmission. They do not take

into account strong background noise, frequency response of outdoor horn loudspeakers, or the absorption of

sound by the atmosphere.

The improved time-spread echo hiding method has been demonstrated to be effective for outdoor long-distance

aerial transmission [8]. In addition, an audio watermarking technique based on amplitude modulation [7] can be

applied to speech signals and is robust against aerial transmission [5, 6].

The following section briefly describes the two audio data hiding methods. The subsequent section describes

a realistic simulated environment that considers typical disturbances in the long-distance aerial transmission
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Figure 1. An example of bilateral echo kernel: L = 15.

of sounds emitted from outdoor loudspeakers of voice evacuation and mass notification systems [9, 8]. The

effectiveness of the methods in long-distance aerial transmission for the voice evacuation system are evaluated

by computer simulation.

2 AUDIO DATA HIDING
This section introduces the improved bilateral time-spread echo hiding method [8] and amplitude modulation

method [7].

2.1 Bilateral time-spread echo hiding
Time-spread echo hiding [3] is an extended method of echo hiding [2], providing greater security, robustness,

and perceptual transparency. The embedding process divides the cover signal s(n) into F +Tr samples, with an

overlap of Tr samples. The stego signal r(n) is obtained by the convolution of the framed cover signal s(n)
with the impulse response k(n), consisting of the Dirac delta function δ (n) and an echo kernel P(n) of length

L and delay time d0. Echo kernel P(n) is defined by a pseudo-random (PN) sequence or M-sequence signal.

k(n) = δ (n)+αP(n−d0), (1)

r(n) = s(n)∗ k(n), (2)

where ∗ denotes convolution and α is the echo gain. Subsequently, the framed stego signals are concatenated

with initial and final overlaps of Tr/2 samples each. The payload data are embedded in every segmented frame

signal.

The current hiding scheme circularly shifts P(n) to obtain P′(n), depending on the integer value m encoded by

payload bits, as follows:

P′(n) =
{

P(n+L−m) ( 1 ≤ n ≤ m ),

P(n−m) ( m+1 ≤ n ≤ L ). (3)

where m is quantized by m′ steps, i.e., m ∈ {0,m′,2m′, ...,�L/m′�m′}, to be robust against frequency shifts of

the stego signal. Consequently, the amount of payload is log2(�L/m′�+1) per segmented frame.

Chou and Hsieh [1] applied the bilateral symmetric echo kernel technique to the time-spread echo kernel. Figure

1 presents an example of the impulse response of the bilateral symmetric time-spread echo kernel, which is,

henceforth, called the bilateral method. The detection gain, which represents the gain in the peak of cross-

correlation exhibits a maximum value when the echo gain α = 1/(2
√

L). It achieves approximately 1.7 times

greater detection gain than that of the conventional unilateral condition, resulting in better performance [9, 1].

A drawback of the bilateral echo kernel is the degradation of imperceptibility; however, that is less important

in the broadcasting of voice messages in this study.

In the detection process, the real cepstrum transform of the stego signal is calculated using the absolute spectrum

obtained from DFT (discrete Fourier transform). The cross-correlation of the real cepstrum and echo kernel

sequence P(n) exhibits a peak in the amount of circular shifting m.
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Frame synchronization can be realized by observing the maximum amplitude of the cross-correlation function.

The recorded sound is segmented to the frame signal of length F samples. Then, cross-correlation functions

are calculated by shifting the frame location by F/8. The decoded data from the frame that exhibits the

maximum peak in the cross-correlation function obtained over eight frames is the most reliable data to be

decoded because if the frame signal to be decoded spreads over the different sub-frame pairs, then the peak of

the cross-correlation function is attenuated by the cancellation in the cepstrum domain.

For speech signals, the middle frequency region (200 Hz – 3 kHz), where the first and second formants exist,

tends to have relatively strong power. Under low SNR conditions, suppressing low- and high-frequency regions

in the logarithmic spectrum domain is effective for decoding. The suppression is realized by multiplying the

logarithmic magnitude spectrum below the low-cutoff frequency (200 Hz) and above the high-cutoff frequency

(3 kHz) by 0.1 [8].

2.2 Audio data hiding based on amplitude modulation [7]
At the beginning of the embedding process, a cover signal is filtered by a filterbank of equal bandwidth. Si-

nusoidal amplitude modulations (SAMs) at relatively low modulation frequencies applied to the neighboring

subband signals in the opposite phase are used as carriers of embedded information. A key defined by a known

PN generator classifies subband pairs into several groups. Embedded information is encoded by phase-shift key-

ing (PSK), defined as the phase differences between SAMs applied to the base group and the other groups. For

example, 4-PSK encodes 2-bit information for every π/2 phase difference. Multiple watermark embedding is

achieved by applying different modulation frequencies simultaneously.

Extraction of the SAM waveform from the watermarked signal is performed by calculating the logarithmic

ratio of the amplitude envelopes extracted from the neighboring subband signals. The amplitude envelopes of

each subband can be derived from the power spectrum of the half-overlapped running FFT. The synchronized

addition of the SAM waveforms extracted between 200 Hz and 3 kHz and the same subband group emphasizes

the SAM waveform. The embedding intensity is defined as the degree of SAM. In the present study, the

embedding intensity for all sub-bands is identical and is simply determined as a constant parameter value.

Synchronization of the embedded data frames is achieved by inverting the relative phase of the amplitude mod-

ulations between neighboring data frames.

In the extraction process, two sequential rectangular windows (Wa and Wb) of the same length as a data frame

are applied iteratively to the SAM waveform extracted from the base subband group. All SAM waveforms

whose center frequency is between 200 Hz and 3 kHz in the Wa window are summed (ΣWa), and ΣWb is derived

in the same manner. Then, Fourier amplitudes Aw of ΣWa −ΣWb at the embedded modulation frequency are

calculated while the position of the windows is shifted along the width of a data frame. When the positions of

the windows completely overlap the positions of the data frame, Aw reaches a maximum. The correct positions

of the data frames can then be detected.

3 SIMULATION OF LONG-DISTANCE AERIAL SOUND TRANSMISSION
Figure 2 shows a block diagram of the simulated environment of long-distance aerial transmissions. The fre-

quency response of a distant horn-array loudspeaker system, absorption of sound by the atmosphere, rever-

beration, and a single long-path echo, a constant frequency shift caused by the Doppler shift induced by the

movement of the receiver, and additive background noise are simulated. Modeling and implementations of the

signal processing for each disturbance are described in detail in the literature [9]. Table 1 shows the distur-

bances and their simulated parameters for implementation. All signal processing units are connected in series.

‘STRAFFIC/ch01.wav’, which was recorded at a busy traffic intersection; ‘SPSQUARE/ch01.wav’, which was

recorded at a public town square with many tourists; and ‘SCAFE/ch01.wav’, which was recorded from the

terrace of a cafe in a public square, are selected from DEMAND (Diverse Environments Multichannel Acoustic
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Figure 2. A block diagram of the simulated environment.

Table 1: Disturbances and their simulated parameters for long-distance aerial sound transmission.

Disturbance Implementation Parameters

Loudspeaker characteristics Bandpass IIR filter Highpass: 3rd-ord. Butterworth, 300 Hz

including 70-m absorption Lowpass: 2nd-ord. Butterworth, 2 kHz

Absorption of sound Highpass FIR filter ISO-9613-1, Temp: 15 ◦C

by the atmosphere Humidity: 60 %, Pressure: 1013 hPa

Reverberation Synthesized impulse Reverberation time: 1 s,

response using Gaussian Direct to reverberant ratio: 4 dB,

noise with Exp. decay Speech transmission index [10]: 0.6

A long-path echo A single delay with –6 dB, delay time is randomly

reverberation and absorption chosen from 0.1—1.0 s

Frequency shift caused by Doppler shift Re-sampling +0.1 %

Background noise DEMAND database A-weighted SNR: 10, 5, 0 dB

Noise Database) [13] as background noises. These noises are sampled at 16-kHz, 16-bit quantization, and a

single channel. A randomly selected segment is mixed with the stego speech signal for several signal to noise

ratios (SNRs). In this study, the SNR is calculated based on the A-weighted sound pressure levels, defined by

the international standard IEC 61672:2003, which is commonly used for measuring environmental noise.

Understanding speech sounds emitted from the outdoor loudspeakers of a voice evacuation and mass notification

system is often hampered by long-path echoes reflected from large-scale structures and geographical features.

To improve an articulation index, an announcer reads a text with approximately 1-s pauses between phrases. In

addition to the original speech signals from the database, speech signals inserting 0.8-s pauses between phrases

are also simulated. Figure 3 shows the original speech signal from the database on top, a simulated speech

signal with 0.8-s pauses between segmented phrases in the middle, and the actual speech signal with pauses

used for an actual mass notification system at the bottom.

4 EVALUATION
4.1 Simulation conditions
The bilateral method and amplitude modulation method are evaluated using the computer simulation. Water-

marks of a random bit, which simulates coded information for refugees for disasters in small numbers of infor-
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Figure 3. Top: original speech signal from the database, middle: simulated speech signal with 0.8-s pauses

between segmented phrases, bottom: actual speech signal with pauses used for mass notification system.

Table 2: Parameter values for the bilateral time-spread echo hidings and amplitude modulation method. The

amount of payload bits are 4.4 bps and 4.0 bps, respectively.

Bilateral time-spread echo hiding

delay time frame overlap frame length length of PN series payload bits per frame

d0 Tr/2 F L
80 samples (5 ms) 50 samples 32,768 (2.05 s) 2,047 9

Audio data hiding based on amplitude modulation

subband pairs subband groups frame period modulation frequencies max. modulation degree

255 3 3 s 1.0, 1.67, 2.67 Hz 0.7

mation bits, are embedded into the speech signals. The amount of payload is 4.4 bps for the bilateral method,

and 4.0 bps for the amplitude modulation method without error-correction code. Table 2 shows the parameter

values of both methods tested in this study.

A total of 753 speech files spoken by 10 male speakers, in which the two speech files are concatenated, and 903

speech files spoken by 12 female speakers are served as cover data. These files are recorded in the Continuous

Speech Database for Research (Vol. 1), published by the Acoustical Society of Japan. All speech files are

sampled at 16 kHz and 16-bit quantization.

4.2 Results
The bit error rates (BERs) of the extracted bits from the simulated long-distance transmission are evaluated as

an index of the performance of the audio data hiding method. Figure 4 compares BERs obtained from both

the male and female voice, and the different types of background noise for both methods under 0 dB SNR

and loudspeaker distance of 400 m. The results show that the bilateral method is superior to the amplitude

modulation method under all conditions. In addition, the median BERs obtained from the male speakers are

generally better than those obtained from the female speakers by 0.5% to 2.5% for the bilateral method and by

4.2 % to 6.3 % for the amplitude modulation method. The lower fundamental frequencies of the male speakers

are better cover signals because of their higher density of spectral components. The lower BER performance

obtained under each condition did not depend on the speech signals but rather on the segment of background

noise. Although SNR was kept constant among the simulated conditions, segmental SNRs change dynamically,

such that occasional and large degradation on BER was observed.

The median BERs of the bilateral method obtained from the background noise SCAFE are the worst among the
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Figure 4. BERs obtained from the bilateral method and the amplitude modulation method as a function of
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Figure 5. The effects of the loudspeaker distance and SNR on BERs.

three noise files, because the sound of SCAFE mainly consists of human speech noise, whereby the spectrum

overlaps with that of the stego message voice. To investigate the effectiveness of speech watermarking under the

worst outdoor conditions using the preferred audio data hiding method, the following results show data obtained

from the female speakers and the background noise SCAFE.

Figure 5 compares the BERs obtained from the conditions of the simulated loudspeaker distances of 70 m, 400

m, and 800 m as a function of SNR. The results show that shorter loudspeaker distance and larger SNR induce

better BER performance. In addition, the remarkable result is that 87 % of the speech signals can transmit

more than 90 % of the hidden 4.4 bps message by the bilateral method under the 800 m distance and 0 dB

SNR condition.

Figure 6 shows the effects of the disturbance factors on BERs. Conditions in which one of the three factors,

reverberation, long-path echo, and frequency shift, was removed, were tested for the bilateral method and the

amplitude modulation method. In addition, the speech signals with 1-s pauses between phrases were tested.

The results show that the performance of the bilateral method is mainly degraded by frequency shift; the optimal

BER is obtained from the condition without frequency shift. Reverberation and long-path echoes do not affect

the performance of the bilateral method; meanwhile, they increase BERs obtained from the amplitude modula-

tion method by 4–5 %. The speech signals with 1-s pauses between phrases slightly degrade BER performance

for both methods by 3–5 %.
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pauses between segmented phrases.

5 DISCUSSION
The benefit of time-spread echo hiding is that the timbre formed by the echo kernel is similar to that formed

by random reflections observed in indoor and outdoor environments. In addition, the amplitude modulation

applied to the speech signal does not greatly degrade the speech quality. Nishimura [5] conducted identification

tests for watermarked VCV (vowel-consonant-vowel) syllables to investigate the effect of amplitude modulation-

based watermark on articulation scores. The mean articulation scores of the 125 VCV syllables, for which an

amplitude modulation of 0.6 modulation degrees was applied, was 0.86 under a 10-dB SNR condition. Because

speech intelligibility is generally higher than that suggested by the articulation scores of syllables, no serious

deterioration in the intelligibility of the watermarked speech is expected. Thus, the current study did not confirm

the subjective quality and clarity of the stego speech signal.

Embedding data combining both audio hiding methods simultaneously may improve overall BER performance

because both detection methods represent a theoretically orthogonal relationship between the frequency-domain

(bilateral method) and the time-domain (amplitude modulation method). In this case, the subjective quality and

clarity of the stego speech signal should be confirmed. These topics will be addressed in further work.

6 CONCLUSIONS
Two audio data hiding methods, which are robust against aerial transmission—the bilateral method and ampli-

tude modulation method— were tested by the simulation in which speech signals are broadcast by the outdoor

loudspeakers of a voice evacuation and mass notification system. The computer simulations include several dis-

turbances caused by the long-distance (70–800 meters) aerial transmission of sounds. The frequency response

of a distant horn-array loudspeaker system, the absorption of sound by the atmosphere, reverberation, a single

long-path echo, a constant frequency shift induced by Doppler effect, and additive background noise were sim-

ulated as disturbances. The results show that the bilateral method was more robust against disturbances than the

amplitude-modulation-based method.
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ABSTRACT 

In voice research and clinics, various mathematical parameters are in use to describe different features of the 

recorded data. However, little is known about norm values of parameters and how they are affected by 

different pathologies such as functional dysphonia. 

 

Keywords: Phonation, parameters, functional dysphonia, high-speed video endoscopy 

1. INTRODUCTION 

In voice research, various parameters are in use [1], all of which are intended to describe different features of 

the phonation process to allow differentiation between groups of subjects. To determine the usefulness of 

objective parameters for the detection of functional dysphonia related disorders, we investigated data 

recorded in a clinical environment applying many different objective parameters.     

 

Figure 1 A) Recording of the vocal fold oscillations via a rigid endoscope being attached to a high-speed 

camera and parallel audio recording using a clip microphone. B) Superior view of the vocal folds as seen 

with the endoscope. C) Computed GAW: amount of pixel in the glottis over time. 

                                                        
1 Patrick.schlegel@uk-erlangen.de 
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2. METHODS 

In total, 352 endoscopically recorded HSV videos with synchronously recorded audio were investigated. 

Data collection and usage was approved by the ethic committee of the Medical School at 

Friedrich-Alexander-University Erlangen-Nürnberg (no. 290_13B). The videos were divided into four 

groups: females (162 healthy, 92 disordered) and males (67 healthy, 31 disordered) whereas all disorders 

were functional dysphonia related. All subjects phonated the vowel /i/ at a comfortable pitch and loudness 

level during examination. All videos were recorded by the clinically used Photron Fastcam MC2 with a 

spatial resolution of 512×256 pixels and a frame rate of 4000 fps. The synchronously recorded audio had a 

sampling rate of 40000 Hz (in 19 cases for disordered females and in 2 cases for disordered males the audio 

sampling rate was only 16000 Hz due to incorrectly set settings during recording). All videos included 

exactly 1000 frames of recorded phonation. 

The videos were recorded over three years and, in case of the “healthy” groups, are part of different 

measurement series. Data from the disordered groups were not recorded as part of an organized series of 

measurements. Instead, the data was collected over the years from various ENT clinic patients. Apart from 

that, recording conditions stayed the same. For group-internal comparisons, subgroups were composed of the 

different measurement series for the healthy group and from the different years for the disordered group.  

In this work, we investigate the expressiveness of in total 59 glottal area waveform (GAW) parameters (from 

which 33 were also calculated for the synchronously recorded audio signal). 

 

 

Figure 2. Illustration of the segmentation process: 1. Selection of the region of interest 2. Selection of a 

time interval with constant phonation 3. Applying seed points and brightness thresholds to the center-frame 

4. Reviewing and adjusting 5. Computing partial GAWs 6. Extraction of total and partial GAWs and audio. 
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Table 1: Number of data sets for each subgroup. Each subgroup with at least 20 data sets is highlighted. 

 females males 

healthy disordered healthy disordered 

Subgroup 1 23 16 22 2 

Subgroup 2 12 40 13 17 

Subgroup 3 30 36 29 12 

Subgroup 4 61 - - - 

Subgroup 5 22 - - - 

Subgroup 6 14 - 3 - 

total 162 92 67 31 

 

 

Figure 3. The depicted statistical analysis workflow was performed for each parameter. *if only two 

subgroups contained 20 values or more, intragroup comparison was done analogously to intergroup 

comparison 
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3. RESULTS AND DISCUSSION 

Data analysis revealed that most parameters, for audio and GAW signals, did not show clear differences 

between the healthy and the disordered groups. In fact, some parameters differed considerably between 

different measurement series that were part of the healthy group. Out of 33 audio parameters only one 

parameter showed a statistically significant difference between healthy and disordered groups but not also 

between the different measurement series within the groups (intragroup comparisons). Also, this difference 

may only be attributable to the deviating sampling frequency for some of the audio signals in the disordered 

groups. Out of 59 GAW parameters, 30 parameters were statistically significantly different between healthy 

and disordered groups for males, females or both, but not also statistically significantly different for 

intragroup comparisons. The high proportion of statistically significantly different parameters for intragroup 

comparisons on the one hand may be attributable to minor changes in the recording conditions as it may take 

place in a clinical environment (e.g. one of the medical doctors is diseased and a colleague has to take his 

place). On the other hand, often parameters are developed and tested on rather small sample sizes of audio 

and video signals, recorded in a laboratory environment where sound-isolated rooms and optimal recording 

conditions are available [2-4]. In some cases, the parameters are even tested exclusively on artificially 

generated signals [5]. So the question arises if parameters tested by such means are still reliable if applied to 

clinical data. 

4. CONCLUSIONS 

As the results of this study imply, especially audio parameters seem to be not sufficiently robust to influences 

on the measuring process, as they may take place in a clinical setting. Also, in general parameters that 

changed statistically significantly between the healthy and disordered groups but not within the groups only 

showed limited deviations. However, it may be possible that a more complex, nonlinear multi-parametric 

based approach could allow for a differentiation between healthy and disordered subjects. 
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Table 2: p-values for intra- and inter-group-comparisons of parameters, which changed significantly 

between groups but not within a group.  

Parameter name Signal type p-value intra-group 

females / males 

p-value inter-group 

females / males 

Plateau Quotient GAWT 0.690 / 0.817 * 0.000 / 0.038 

Maximum-Area-Declination-Rate GAWT - / 0.805 - / 0.012 

Peak-Closing-Velocity GAWT 0.057 / - 0.046 / - 

Amplitude-to-Length-Ratio GAWT 0.195 / - 0.000 / - 

Harmonics Intensity GAWT 0.336 / 0.397 0.000 / 0.010 

Harmonic to noise ratio GAWT 0.751 / - 0.002 / - 

Normalized noise energy GAWT 0.105 / - 0.000 / - 

Signal to noise ratio v1 GAWT 0.180 / - 0.000 / - 

Signal to noise ratio v2 GAWT 0.575 / - 0.022 / - 

Spectral flatness GAWT 0.481 / 0.123 0.005 / 0.042 

Mean Waveform matching coeff. GAWT 0.198 / - 0.046 / - 

Amplitude Variability Index GAWT 0.268 / - 0.018 / - 

Energy Perturbation Quotient 5% GAWT - / 0.142 - / 0.014 

Energy Perturbation Factor GAWT - / 0.067 - / 0.023 

Time-Periodicity GAWT - / 0.077 - / 0.028 

Mean Jitter GAWT 0.117 / - 0.041 / - 

Jitter Percent GAWT - / 0.08 - / 0.026 

Jitter Factor GAWT - / 0.077 - / 0.023 

Jitter Ratio GAWT - / 0.08 - / 0.026 

Period Perturbation Quotient 3% GAWT - / 0.071 - / 0.033 

Period Perturbation Quotient 5% GAWT - / 0.118 - / 0.022 

Period Perturbation Factor GAWT - / 0.08 - / 0.025 

Relative Average PerturbationB GAWT - / 0.098 - / 0.027 

Relative Average PerturbationK GAWT - / 0.074 - / 0.032 

Period Variability Index GAWT 0.609 / 0.128 0.005 / 0.005 

Spatial Symmetry Index GAWL / GAWR - / 0.761 - / 0.022 

Amplitude Symmetry Index GAWL / GAWR 0.756 / - 0.007 / - 

Dynamic range Symmetry Index GAWL / GAWR 0.987 / - 0.012 / - 

Waveform symmetry index GAWL / GAWR - / 0.392 - / 0.049 

Phase Asymmetry GAWL / GAWR 0.461 / - 0.001 / - 

Harmonics Intensity audio 0.436 / 0.790 0.000 / 0.018 

*The p-values from Kruskal-Wallis-test, Welch-ANOVA or ANOVA in case of multiple intra-group 

comparisons. For pairwise comparisons, the p-values of U-test, Tamhane-test or t-test are given (Depending 

on whether the data was assumed to be normally distributed and if so with equal or unequal variances). 
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ABSTRACT 

Breathiness is a voice quality type that may be a sign of a voice disorder. It involves the auditory perception 

of additive noise caused by turbulent trans-glottal airflow. Ten normal and ten breathy phonations recorded 

during high-speed videolaryngoscopy are analyzed. A method for extracting additive noise from audio 

recordings in the presence of modulation noise is presented. It generates quasi-unit pulse trains at a rate equal 

to the vocal frequency. The cycle shape is obtained by cross-correlating the pulse train with the audio signal. 

The cycle shape is then Fourier transformed and input to a Fourier synthesizer. Other inputs are the estimates 

of the instantaneous phase and the amplitude modulation function. The timing and height of the pulses are 

modulated so as to minimize the modeling error, which is the difference between the recorded audio signal 

and the output of the synthesizer. The error is assumed to approximate the additive noise in the voice. 

Differences of energy levels and spectral slope with respect to voice quality (breathy/normal) are reported. 

No differences with regard to cycle phase (open/quasi-closed) are reported. 

 

Keywords: Dysphonia, breathiness, laryngeal high-speed videos, voice quality typing 

1. INTRODUCTION 

Voice quality typing is relevant to the clinical care of voice disorders, because it contributes to the 

indication, selection, evaluation, and optimization of clinical treatment. A particular voice quality type 

is breathiness, which is often described as the auditory perception of turbulence noise caused by the 

trans-glottal air flow. Typically, it is modelled by random noise that is added to the cyclic component 

of the voice source signal, which is caused by the vibration of the vocal folds. Cycle length and cycle 

peak modulations, called vocal jitter and shimmer, are frequent in pathological voices. In contrast to 

additive noise, which is perceived as breathiness, random modulation noise is perceived as 

roughness (1). 

Additive noise observed in pathological voices is often modelled as white Gaussian noise that is 

low-pass filtered with a spectral slope of –6 dB/octave (2). The filtered noise is multiplied by 

ℎ1𝑔(𝑛) + ℎ2 , where 𝑔(𝑛)  is the magnitude of the trans-glottal airflow rate, and ℎ1  and ℎ2  are 

constants that fix the sizes of the pulsatile and stationary noise components. The stationary component 

is associated with a residual glottal gap owing to a lack of full contact between the vocal folds during 

the closed glottis phase. A residual glottal gap is frequently observed in pathological voices. The 

pulsatile noise component is caused by the cyclic evolution of the glottal area and the trans-glottal 

airflow. 

The purpose of the presentation is to test assumptions regarding additive noise in pathological 

voices. A signal processing method segregating additive and modulation noise in voiced speech 

signals is presented first. The additive noise is described. Energy levels, power spectral densities and 

probability density functions of the estimated additive noise are reported with respect to voice quality 

(breathy/normal) and glottal phase (open/quasi-closed). 

2. MATERIAL AND METHODS 

2.1 Test signals 

Ten breathy and ten normal sustained phonation signals are selected for testing from a database 

comprising laryngeal high-speed videos and simultaneous audio recordings of 80 pathological and 40 

healthy subjects (3). The subjects are instructed to sustain an /i/ vowel the production of which tilts the 

epiglottis so as to facilitate sighting of the vocal folds. The phonations sound schwa-like because of the 

artificially lowered position of the tongue, which co-occurs with rigid video-endoscopy. The test 
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signals are between 0.256 and 1.872 sec long (mean 0.786 sec). 

Figure 1 shows a midsagittal view of the procedure. For video recordings, a Richard Wolf HRES 

Endocam 5562 is used with a frame rate of 4 kHz. The spatial resolution is 256x256 pixels 

(interpolated from red channel: 64x128, green channel: 128x128, blue channel: 64x128). For audio 

recordings, a headworn microphone AKG HC 577 L, a phantom power adapter AKG MPA V L, and a 

portable audio recorder TASCAM DR-100 are used. The sampling rate is 48 kHz, and the quantization 

bit resolution is 24 bits. The uncompressed PCM/WAV file format is used. The microphone is used 

with the original cap (no boost of high frequencies),  and the adapter is set to linear response. The low 

cut of the audio recorder is switched off. 

 

 

Figure 1 – Midsagittal illustration of the recording procedure. The endoscopic camera is inserted into the 

mouth of the subject. The vocal folds are illuminated and filmed via the endoscope. A microphone is used to 

record radiated sound pressure. 1. Vocal folds, 2. Microphone, 3. Endoscopic camera. Figure adapted from 

(4). 

2.2 ESTIMATION OF THE VOCAL FREQUENCY 

Figure 2 shows the block diagram of the estimation of the vocal frequency from the audio signals as 

described in (5) and (6), with a few modifications. First, candidate vocal frequencies 𝑓0
𝛾
 are obtained 

from the speech signal 𝑑(𝑛) via spectral peak picking (SPP), and applying the Viterbi algorithm 

repetitively (six times). 𝛾 is the index of the candidate, and 𝑛 is the discrete time index. Second, a 

cyclic waveform 𝑑𝛾(𝑛) is obtained for each candidate as follows. A unit-pulse train 𝑢𝛾(𝑛) with 

frequency 𝑓0
𝛾
 is cross-correlated with the audio signal to obtain the cycle shape 𝑟𝛾(𝑙), where 𝑙 is the 

discrete lag time index with respect to the center of the cycle. Fourier coefficients 𝑎𝛾 and 𝑏𝛾 are 

obtained via discrete Fourier transformation (DFT) of the cycle shape 𝑟𝛾(𝑙). The cyclic candidate 

waveform 𝑑𝛾(𝑛) is obtained via Fourier synthesis (FS), taking 𝑓0
𝛾
, 𝑎𝛾, and 𝑏𝛾 as inputs. Finally, the 

vocal frequency estimate 𝑓0 is the candidate which minimizes the difference 𝑒(𝑛) = 𝑑(𝑛) − 𝑑𝛾(𝑛) in 

a least squares sense. 
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Figure 2 – Block diagram of the vocal frequency estimator, adapted from (6). 

2.3 EXTRACTION OF ADDITIVE NOISE IN THE PRESENCE OF MODULATION NOISE 

Additive noise is estimated by subtracting a model �̃�(𝑛) of the modulated cyclic component from 

the speech signal. The modulated cyclic component is obtained as follows. First, a quasi-unit, i.e., an 

amplitude and frequency modulated pulse train �̃�(𝑛) with average frequency 𝑓0 is generated and 

cross-correlated with the audio signal 𝑑(𝑛) to obtain the cycle shape �̃�(𝑙). Fourier coefficients �̃� and 

�̃� are obtained by DFT of cycle shape �̃�(𝑙). Second, the instantaneous phase Θ̃(𝑛) is estimated from 

the pulse train �̃�(𝑛)  by assigning Θ̃(𝑛) = 𝜋, 3𝜋, 5𝜋, …  to the pulse positions and cubic spline 

interpolating at the time instants in between. Third, the amplitude modulation function Ã(𝑛)  is 

estimated from pulse train �̃�(𝑛)  by assigning Ã(𝑛) = �̃�(𝑛)  at the pulse positions and 

shape-preserving parabolic interpolating at the time instants in between. The modulated cyclic 

component �̃�(𝑛) is estimated via Fourier synthesis taking as inputs coefficients �̃�, �̃�, and phase Θ̃(𝑛). 

The output of the Fourier synthesizer is multiplied by amplitude modulation function Ã(𝑛). Finally, 

the noise �̃�(𝑛) is minimized in a least squares sense via trial modifications of the pulse positions and 

heights in train �̃�(𝑛). Deviations of timing from periodicity, 𝑗(𝜇) and heights from unity, 𝑠(𝜇) are 

estimated using the interior-point optimization algorithm (7,8). 

 

Figure 3 – Block diagram of additive noise extraction, adapted from (6). 
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Figure 4 – Fragment of a speech signal. The overlaid plots in the top panel show the audio signal 𝑑, the 

estimate of the cyclic component �̃� and the noise estimate �̃� = 𝑑 − �̃�. The middle and bottom panels show 

the instantaneous frequency and the amplitude modulation functions of the cyclic component. 

 

2.4 CHARACTERIZATION OF THE ADDITIVE NOISE 

Additive noise 𝑒(𝑛) is described as follows. First, the noise energy level 𝐿𝑒 is obtained in dB 

relative to the energy level of the cyclic component. Level 𝐿𝑒 is reported with respect to voice quality 

(breathy/normal) and glottal phase (open/closed). The glottal phase is obtained via analysis of the 

glottal area observed in the video images, taking into account a delay owing to the time of sound 

propagation through the vocal tract. For comparison purposes, the Harmonics-to-Noise ratio (HNR) is 

also obtained via Praat (9). Second, the autoregressive power spectral density (PSD) of the noise is 

obtained via Burg’s method with respect to voice quality and glottal phase. Finally, the probability 

density function (PDF) of the noise is obtained and fitted with a t location-scale distribution, i.e., a 

Student’s t-distribution, given by 

 

𝑆𝑡(𝑥|𝜇, 𝜎, 𝜈) =  
Γ (

𝜈 + 1
2

)

𝜎√𝜈𝜋Γ (
𝜈
2

)
[
𝜈 + (

𝑥 − 𝜇
𝜎

)
2

𝜈
]

−(
𝜈+1

2
)

 (1) 

 

where 𝜇 is the location parameter, i.e., the mean, 𝜎 is the deviation parameter, i.e., the scale, and 

𝜈 is the shape parameter. With 𝜈 = ∞, the distribution equals a normal distribution. Decreasing 𝜈 

make the main lobe lower and more narrow, and makes the tails heavier. 

3. RESULTS 

Figure 5 reports relative noise energy levels with respect to voice quality (breathy versus normal) 

and glottal phase (open versus closed). The medians of the noise energy levels are close to 0 dB for 

breathy voices, which would suggest that the breathy voices’ noise energy is approximately equal to 

the energy of the voices’ cyclic components. The energy distributions range from approximately -2 dB 

to 0.5 dB. One outlier exists at approximately -4.5 dB. As expected, noise energy levels of normal 

voices are lower on average. Their spread is larger, i.e., they range from approximately -10 dB to -1 dB. 

No differences between open and closed phases are observed for either breathy or normal voices. The 

difference in noise energy levels between breathy and normal voices is statistically significant. 
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Figure 5 – Relative noise energy levels with respect to voice quality and cycle phase. 

 

Figure 6 reports the HNR (dB) with respect to voice quality. For breathy voices, the HNR 

approximately ranges from 5 dB to 20 dB, with a median close to 14 dB. HNR is higher for normal 

voices, and ranges from approximately 18 dB to 29 dB. The median is close to 26 dB. The overlap 

between the distributions is small. 

 

Figure 6 – Harmonics-to-Noise ratio with respect to cycle phase (9). 

 

Figure 7 shows 10-th order autoregressive power spectral density estimates of the noise obtained 

via Burg’s method and averaged over speakers (solid lines) and linear regression models thereof 

(dotted lines) with respect to voice quality (10). No relevant difference between the estimates is 

observed at low frequencies. The intercepts of the two regression lines are approximately equal (-97.5 

dB/Hz and -97.7 dB/Hz). The difference in PSD estimates between breathy and normal voices increase 

with frequency. In particular, the slope of the regression l ines is −0.946 ⋅ 10−3 𝑑𝐵/𝐻𝑧2 for breathy 

voices, and −1.461 ⋅ 10−3 𝑑𝐵/𝐻𝑧2 for normal voices. 
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Figure 7 – Power spectral density (PSD) of the noise with respect to voice quality, and linear regression 

models of the PSDs. 

 

Figure 8 (a) shows PSD estimates for breathy voices, and Figure 6 (b) shows PSD estimates for 

normal voices. Red and blue solid lines show estimates of open and closed phases respectively, and the 

dotted lines show linear regression models thereof. No relevant differences are observed betw een the 

open and closed phases for either breathy or normal voices. 

 

Figure 8 – Power spectral density (PSD) of the noise with respect to voice quality and glottal phase, and 

linear regression models of the PSDs. (a) Breathy voice quality, and (b) Normal voice quality. 

 

Figure 9 shows a cumulative histogram (blue bars) of the model error time series values and a 

parametric fit (red lines). The solid line reports the overall fit, and the dotted lines report 95% 

confidence intervals. A t location-scale distribution is favored for modelling the noise signal over a 

Normal distribution, because of a better log likelihood. Table 1 summarizes the parameters of the fitted 

distributions. 
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Figure 9 – Cumulative histogram (blue bars) of the noise, and its fitted t location-scale distribution (red lines). 

Shown are the average cumulative distribution fit (solid line), and 95% confidence intervals (dotted lines). 

 

Table 1 – Minima, medians, and maxima of t location-scale distribution parameters of the model error signal 

time series’ probability density distributions. Parameters are obtained subject-wise. 

Parameter Minimum Median Maximum 

Location 𝜇 −2.091 ⋅ 10−5 −9.957 ⋅ 10−7 7.804 ⋅ 10−5 

Scale 𝜎 1.655 ⋅ 10−4 6.670 ⋅ 10−4 2.012 ⋅ 10−3 

Shape 𝜈 3.165 6.469 12.63 

 

4. DICUSSION AND CONCLUSION 

A method for the segregation of additive noise from voiced speech signals produced by 

pathological and normal subjects is presented. The additive noise is described with respect to voice 

quality and glottal phase by means of energy levels, power spectral densities, and probability density 

functions. The results suggest updates of the existing modeling framework. First, spectral slopes that 

decay linearly with increasing frequencies are observed. The difference between breathy and normal 

voices is not only a difference in noise energy, but also in spectral slope. In particular, noise is boosted 

at high frequencies in breathy voices as compared to normal voices. No evidence in favor of a pulsatile 

additive noise component is observed. A t location-scale distribution is found to better fit the observed 

noise data than a normal distribution. Finally, the conventional Harmonics-to-Noise ratio (HNR) 

enables distinguishing between breathy and normal voices. The method that is presented here may 

enable analysis of additive noise in the presence of strong modulations of the vocal frequency and 

vocal cycle amplitude, which are frequent in pathological voices. 
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Abstract
Centrifugal fans with backward-curved blades are characterized by a relatively high efficiency compared to
other types of centrifugal fans. In contrast, there is an overall louder, tonal sound and higher rotational speeds.
Therefore, in home appliances such as clothes dryers, rather squirrel cage fans are used. However, the influ-
ence of the fan unit increases with the need of a continuously rising efficiency of the overall device. Hence,
the use of centrifugal fans with backward-curved blades for operation in commercial tumble dryers with re-
spect to aerodynamic and aeroacoustic properties will be examined. In the first steps, a reference fan has been
designed using classical design guidelines. The fan is numerically studied with a hybrid Computational Fluid
Dynamics/Computational Aeroacoustics approach and the results are experimentally validated with the in-duct
method according to ISO 5136. The reference fan will be further optimized in terms of its aerodynamic and
aeroacoustic properties. For this purpose, the “inverse design” method is used to extend the scope of classical
design rules. Using design of experiments (DoE) and genetic algorithms, various parameters and their influence
on fan efficiency and sound radiation are examined. In further project steps, promising fan designs will again be
investigated numerically and subsequently validated experimentally.
Keywords: Flow Acoustics, Fans, Inverse Design, Optimization

1 INTRODUCTION
Modern home appliances such as tumble dryers are characterized not only by an attractive design and high
functionality. Environmental issues and increased awareness of sustainability among the consumers are central
to the development of tumble dryers and other HVAC-systems (Heating, Ventilation & Air Conditioning). The
energy efficiency class, which is an indication of the efficiency of the overall system, and the sound emission
indication on the EU energy label serve as an important tool for many costumers when buying home appliances.
Accordingly, manufacturers are interested from an economic as well as ecological point of view to continuously
improve these aspects. Since the overall devices become more and more efficient, the influence of smaller
subsystems become apparent. For a further increase in efficiency, these must also be taken into account.
The project HELNoise (High Efficiency Low Noise Heatpump Dryer - FKZ 13FH014PA5), funded by the Ger-
man Federal Ministry of Education and Research (BMBF), aims to improve fans for process air generation in
heat pump clothes dryers. Process air fans in heat pump dryers are usually designed as squirrel cage fans. This
type of fan is characterized by its compactness and broadband operational sound. However, due to the high
degree of secondary flows and flow separation zones inside the blade channels, squirrel cage fans achieve lower
peak efficiencies than other centrifugal fan types. Centrifugal fans with backward-curved blades can reach higher
efficiencies, but tend to have an overall louder and tonal sound along with higher rotational speeds required.
The aim of this work is to use the inverse design method to design and optimize a centrifugal fan with
backward-curved blades. Based on an existing reference model [1], a fan with identical specifications has been
designed using this method and the efficiency as well as the sound radiation should be improved to meet the
criteria for use in heat pump clothes dryers. Evolutionary algorithms will be used to provide faster and more
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efficient optimization than just rely on empirical investigations. In the following, the inverse designed fan will
be used as a comparison for the further optimizations and is referred to as the baseline model.

2 INVERSE DESIGN METHOD
The Inverse Design method is based on the three-dimensional, compressible design approach of M. Zangeneh
[2], which is implemented in the program package TURBOdesign Suite (TDsuite) by Advanced Design Tech-
nology (ADT). In classical or direct design strategies, the main dimensions of the turbomachine are calculated
using empirical or semi-empirical relationships and the blades are designed with regard to various factors. Cen-
trifugal fans often use simple circular arc blades or two-dimensional pointwise calculated blades from a manu-
facturing point of view. The flow field thus results from the blade shapes determined in this way. With Inverse
Design, the main dimensions are determined analogously to the direct methods. By contrast, the blade shape
is calculated iteratively for a given flow field. By specifying the load on the blade, an optimum blade design
can therefore be determined for a specific flow distribution. The blade loading is specified by the circumfer-
entially averaged mean tangential velocity rV θ . The derivative with respect to the meridional coordinate m is
directly related to the pressure loading on the blade. This results in the following relationship for incompressible
potential flow [2]

P+−P− =
2π

B
ρW mbl

∂ rV θ

∂m
(1)

Here, P+ and P− represent the pressure on the upper and lower surface of the blades respectively, B the number
of blades, and W mbl the mean meridional relative velocity of the blade surface. The preliminary design of the
fan by TURBOdesign Suite provides the meridional geometry as well as a normalized form of the Euler work
between the inlet and outlet of the blade passage. For centrifugal fans this work is represented by [3]

rVt∗ =
∆ptot

ρU2
2

(2)

where ∆ptot represents the fan total pressure rise including all loss terms and U2 the circumferential speed
at the blade trailing edge. The work rVt∗ to be done by the fan is applied between the inlet and outlet
where a swirl-free inflow is assumed. The rVt∗ value is hence set to zero at the blade leading edge. Using
the expression ∂ rV̄θ/∂m the blade loading distribution is applied to different sections along the meridional
coordinate. Subsequently the loading between hub and shroud is interpolated onto a numerical grid and the
blade contour is calculated iteratively until specific criteria is met. Figure 1 shows an example of the rVt∗ and
blade loading distribution for the baseline fan and the corresponding blade shape.

3 BLADE LOADING OPTIMIZATION
3.1 Methodology
The shape of the blade loading distribution is in the simplest case given by two parabolic curves and an inter-
mediate straight section, as shown in figure 1. This can be controlled for the hub and shroud by four parameters
each. 1 Start point of the straight section, 2 End point of the straight section, 3 Slope of the straight section, 4
Leading edge loading.
These eight parameters are used in the optimization process to investigate their influence on the efficiency as
well as the sound radiation of the fan. For the optimization, the elitist multiobjective genetic algorithm NSGA-II
is used in conjunction with the TURBOdesign Suite in a direct approach. NSGA-II uses non-dominated sorting
and elite selection to ensure that the best variants of a population are preserved, which makes it a very fast and
efficient algorithm [4]. In the direct approach, no computational fluid dynamic (CFD) simulations are carried
out during the optimization process, and instead the search for the best variants is done analytically by means of
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Figure 1. Top left: Normalized Euler work at leading and trailing edge between hub and shroud. Top right:
Blade loading at hub and shroud per meridional distance. The loading shape can be controlled by four param-
eters. Bottom left: Interpolated and integrated blade loading contours. Bottom right: Corresponding blade shape
for the baseline fan.

Inverse Design. Subsequently, promising designs are checked via CFD simulations. The optimization is carried
out in two independent runs, on one hand in terms of high efficiency and on the other hand to a low sound
radiation.

3.2 Optimization targets
The efficiency of a turbomachine is influenced by a large number of parameters. As targets of the efficiency
optimization of the fan, the secondary flow factor (SF factor) and the total profile loss were chosen. The SF
factor represents a measure of meridional secondary flow tendency on the blade suction side via gradients of
the reduced static pressure coefficient Cp. It has been shown by Zangeneh et al. [5] that there is very good
correlation between gradients of Cp and the intensity of secondary flows. Therefore by controlling Cp at specific
locations in the fan the formation of secondary flows can be minimised. The reduced static pressure coefficient
is given by

Cp =
p∗− pr

1/2ρU2
2

(3)
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In equation (3) p∗ represents the rotary stagnation pressure and pr the reduced static pressure. According to
Johnson and Moore [6] the rotary stagnation pressure and the reduced static pressure are given by
p∗ = p+ 1/2ρW 2− 1/2ρω2r2 and pr = p− 1/2ρω2r2 respectively, where p is static pressure, W the relative
velocity, ω the angular velocity and r is the radius. The total profile losses result from the summation of the
blade suction and pressure side losses which are calculated from the blade surface velocity distribution [3].
When both of the target variables are minimized, an increase in efficiency is to be expected due to lower
flow-induced losses.
The main objectives of the optimization with regard to low sound radiation are the total noise at a specific
observer position and the total profile loss. The loss of the profile as a target is supposed to ensure that as
little efficiency as possible is lost while reducing the sound radiation of the fan. The total noise is the sum of
the sound generation due to fluid displacement and an acceleration of the force distribution around the blade.
These two mechanics are referred to as thickness and loading noise respectively. To determine the total noise,
the Ffowcs Williams-Hawkings (FW-H) model is used. The FW-H equation is an inhomogeneous wave equation
and can be derived as an extension of the Lighthill analogy for moving surfaces from the basic equations of
fluid dynamics. It can be represented in a very compact way as [7]

�2 p′ =
∂

∂ t
[ρ0vnδ ( f )] − ∂

∂xi
[(p− p0)niδ ( f )] +

∂ 2

∂xi∂x j
[H( f )Ti j] (4)

Here, �2 is the wave or d’Alembert operator, p′ is the acoustic pressure fluctuation in the far field, ρ0 is
the density of the undisturbed air, vn is the local normal velocity on the blade surface, δ ( f ) the Dirac delta
function, p and p0 the local and undisturbed pressure respectively, H( f ) the Heaviside function and Ti j the
Lighthill stress tensor. The moving surface is represented by f (~x, t) = 0, so that ∇ f =~n where ~n is the outward
normal surface vector. In equation (4) the viscous shear forces over the blade surfaces are neglected in the
second term on the right hand side because their contribution to the generation of sound often is minimal
[8]. The first term on the right hand side of the FW-H equation describes the sound generation due to fluid
displacement or thickness noise

�2 p′T =
∂

∂ t
[ρ0vnδ ( f )] (5)

The second term describes the sound generation due to acceleration of forces on the moving surface or loading
noise

�2 p′L =− ∂

∂xi
[(p− p0)niδ ( f )] (6)

The third term includes non-linearities such as shocks and turbulence effects which have the character of
quadrupoles and will be neglected in this case because of the high numerical requirements. This separation
of the three sound source terms is one of the biggest advantages of the FW-H equation. In this way the con-
tribution of each source on the total sound radiation can be determined. Equations (5) and (6) can be reshaped
using Green’s function of the free-space wave equation, yielding a special solution of the FW-H equation for
surface sources only when the surface moves at subsonic speed. This is called Formulation 1A (or 1) of Farassat
and can be used to determine the sound pressure at any point in the far field [7].

4 RESULTS
Both optimization runs are calculated with a population size of 50 with 50 generations, leading to 2500 designs
each. Figure 2 shows the different designs over the target functions and the resulting Pareto fronts. A particular
design is at the Pareto front if it is being chosen as optimal, which means none of the objectives can be
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improved without sacrificing another. For both runs one design has been chosen to be investigated in more
detail. These designs have been labeled with Low Noise and High Efficiency respectively.
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Figure 2. Different designs resulting from two independent optimization runs. The left aims for low sound
radiation with the lowest possible loss in efficiency of the fan. The right aims for maximum gain in efficiency.
Every point represents a blade loading distribution and a corresponding blade shape.

The low noise as well as the high efficiency design will be checked by means of stationary RANS (Reynolds-
averaged Navier-Stokes equations) simulations (Ansys CFX, kω-SST model). The high efficiency design is
located approximately in the middle of the Pareto front and thus represents a good compromise between sec-
ondary flow factor and total profile loss. Figure 3 shows the corresponding blade loading distributions and the
resulting blade shapes. It can be clearly seen that, with an optimization with regard to the generation of noise,
the blade is subjected to a greater load in the front area of the blade both on the hub and shroud section lead-
ing to a higher blade angle near the leading edge and lower blade angles especially at the hub for the rest of
the blade compared to the baseline model. The optimization with the aim of high efficiency results in a higher
loading in the direction towards the blade leading edge for the shroud section whereas the hub section tends to
have higher loading towards the trailing edge resulting in a slightly larger blade angle at the hub in the back
part of the vane. The resulting target values are summarized in table 1 in relation to the baseline model. As
a measure of the sound radiation, the sound pressure level (SPL) at 500 Hz directly behind the blade leading
edge is used.

Table 1. Target values of the investigated designs related to the baseline model

Model
Target Value

Secondary Flow Factor Total Profile Loss η/ηBasis ∆SPL
Baseline 1 1 1 -

High Efficiency - 31.8 % - 2.7 % + 1.5 % + 0.7 dB
Low Noise + 24.4 % - 2.4 % + 0.1 % - 1.3 dB

The high efficiency design could achieve a 1.5 % higher efficiency at the design point compared to the baseline
model, whereas the sound pressure level is slightly increased. The gain in efficiency might come from the
greatly reduced SF factor. From figure 4 it can be seen that, for the High Efficiency design, there is less
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Figure 3. Blade loading distributions and corresponding blade shapes for the two optimized designs which are
investigated further. Left: High Efficiency design Right: Low Noise design.

reverse flow on the blade suction side especially in the back part of the blade and the circulating region in the
middle is smaller compared to the baseline model. The noise optimized design shows a more than 1 dB lower
sound pressure level at the reference frequency with an almost identical efficiency compared to the baseline
model. Figure 4 shows larger regions of reverse flow for this design which can be related to the increased
SF factor. The almost-constant efficiency therefore results from the lower profile loss compared to the baseline
design.
Figure 5 shows the difference in sound pressure level of both designs over a wider frequency range compared
to the baseline model. The reduction of the sound radiation is clearly visible.

5 CONCLUSIONS
The impact of varying the blade loading on sound radiation and efficiency of a centrifugal fan has been in-
vestigated by means of Inverse Design together with multi-objective genetic algorithms in a direct approach.
Varying only the blade loading, the efficiency of the fan could be improved by about 1.5 % compared to a
non-optimized baseline model whereas the sound radiation was slightly increased. Another optimization led to a
fan with an average of 1 dB less noise over the investigated frequency range while the efficiency could be kept
constant. In further steps of the project, the objectives of high efficiency and low noise are to be combined in
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Baseline High Efficiency Low Noise

Figure 4. Surface streamlines on the suction side of the blades indicating areas of reverse flow.

Figure 5. Difference in sound pressure level of the two investigated designs in relation to the baseline model.

one optimization and, in addition to the blade loading, further parameters such as rotational speed, number of
blades or the meridional geometry are varied. Subsequently, promising designs will be investigated by means of
scale-resolving simulations in combination with methods of numerical aeroacoustics [9, 10, 11] and prototypes
will be investigated experimentally.
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Predicting cooling fan noise by numerical conditions using 
compressible Large Eddy Simulation 

Kimihisa KANEKO1; Tsutomu YAMAMOTO2 
1,2 Fuji Electric Co., Ltd., Japan 

ABSTRACT 
This paper describes predicting motor fan noise using direct computational aeroacoustics (direct CAA) 

methods. In the direct CAA method, both turbulent flow and acoustic phenomenon are solved at the same 
time with compressible Navier-Stokes equation. Large Eddy Simulation is applied for solving turbulent flow. 
Direct CAA can predict aeroacoustics without any assumption model such as a rotating fan. Therefore high 
accuracy results can be obtained. On the other hand, much computational time are required. For the reason, 
it is required to reduce the computational time for developing new product with short time period. 

We investigated the relation between the computational time and their accuracy. Specifically, 
computational time step can be reduced computational time, and accuracy were investigated in terms of 
pressure fluctuation on the sound source side and acoustic effect on the sound receiver side in this study. 
 
Keywords: Aeroacoustics, Large Eddy Simulation, Compressible turbulence flow 

1. INTRODUCTION 
Recent trends of electric equipment miniaturization have caused an increase in the heat generation 

density and an accompanying need to increase airflow to enable cooling. Therefore, aerodynamic 
noise from fans has become a dominant source of noise in air-cooled electrical equipment. Fan noise 
is known to be influenced by the fan operating point and the fan's surrounding structures (1, 2, 3). 
Predicting the noise level when designing electronic equipment incorporating a fan is important, as is 
understanding aerodynamic noise phenomena under various practical conditions. Nevertheless, it is 
difficult to characterize the sound source without considering the structure of the electric components 
and the fan. The authors' previous study specifically addressed fan noise using a non-axisymmetric 
structure to elucidate the noise-generation mechanism related to the electronic equipment(4).Either 
the hybrid computational aeroacoustics (CAA) method or the direct CAA method can be used to  
conduct a numerical analysis of aerodynamic noise.  

The hybrid CAA method uses incompressible Navier-Stokes equations to compute turbulent flow 
and the acoustic wave separately. Furthermore, turbulent fluctuation, which is the source of acoustic 
propagation, is obtainable using several turbulent models: LES, Detached Eddy Simulation (DES), 
Unsteady Reynolds Averaged Navier-Stokes (U-RANS), and acoustic propagation are obtainable 
using Lighthill's acoustic analogy(5). The effectiveness of using the hybrid CAA method for analyzing 
aerodynamic noise from a centrifugal fan(6, 7, 8) and an axial flow fan(9, 10) have been described in 
earlier reports. Furthermore, predicting aeroacoustics noise of complex geometry such as electronic 
devices have been investigated with several U-RANS based turbulent model and acoustics(11). 

The direct CAA method uses compressible Navier-Stokes equations to compute both the turbulent 
flow and the acoustic wave. High-order numerical schemes must be used to resolve turbulent and 
acoustic fluctuations(12). Interaction between fluid and acoustics have been investigated using high-
order numerical schemes with two-dimensional cavity flow(13, 14).  

The authors' previous study addressed axial fan noise prediction with an obstacle effect using direct 
CAA method(15). In terms of sound pressure level, our direct CAA model using second order 
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numerical schemes have been obtained good agreement with the experimental result. As described 
herein, we investigated the possibility of the direct CAA method to develop low noise products. 
Especially, the sound pressure level (SPL) and pressure fluctuation with the direct CAA model were 
verified with experiments for a simplified motor structure.  

The authors’ previous study using direct CAA method for predicting motor fan noise, the 
simulation model have been obtained good agreement with the experimental result(18). Specifically, 
the sound pressure level (SPL) at the observation location and pressure fluctuation in the sound source 
field. For conducting the practical application using direct CAA, computational time should be 
reduced. In this study, we investigate the predicting SPL accuracy and their computational time 
depending on the time step. 
 

2. EXPERIMENTAL METHOD 

2.1 Experimental structure for verification of direct CAA model 
Figure 1 portrays the experimental structure for functional verification. This structure comprises 

five parts, which is a frame, cooling fin, fan, a fan driving motor, and a cover, to verify aeroacoustics 
phenomena. Cooling fins are arranged radially on the frame surface. The fan, which is driven by the 
fan driving motor, is set at the end of the frame. The fan can be used bi-directionally. 

The cover is arranged for flow path and safety purpose. Air flows from outside of the cover through 
the air intake. Air pushed up by the rotating fan flows past the cooling fins. Experimental conditions 
are presented in Table 1. The fan rotated between 1000 rpm and 2000 rpm. The typical rotating fan 
speed of 1780 rpm is defined for comparison in this study.  

 

 
(a)Validation structure 

 
(b)Enlargement view 

Figure 1 – This is a caption for the figure 

 

Table 1 – Experimental setup 

Parameter Value 

Fan diameter D, mm 0.384 

Fan blade number Z 17 

Rotational speed N, rpm 1780 

Blade tip speed uA, m/s 35.7 

Re (=uAD/ν) 9 105 

Ma (=uA/c0) 0.1 
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2.2 Measurement of the pressure fluctuation and sound pressure level 
Sound pressure level measurements and hydraulic pressure fluctuation measurements of the sound 

source side were taken to verify the numerical simulation results. Pressure fluctuation, which acts on 
the solid surface, is measured downstream of the fan. The pressure sensor was placed at the fan cover 
via the pressure hole (1mm) with a recessed mounting to obtain the exact measurement position, as 
shown in Figure 1(b). However, using this method, the well-known Helmholtz resonance effect occurs.  

Therefore, to avoid the Helmholtz resonance in the observation frequency range, the gap dimension 
was defined. For analysis of the pressure fluctuation in the frequency domain, the pressure signals 
were measured for 500 s. Subsequently, the Hanning window and overlap factor 0.5 for each segment 
were used to obtain the power spectra densities. The SPL was measured using a microphone placed at 
the rotational fan axis height and 1 m distant from the fan cover in the semi -anechoic room. The 
observation frequency range was as high as 2500 Hz. However, the frequency was as high as 5000 Hz 
to elucidate the PSD and SPL trend. 
 

3. NUMERICAL SIMULATION METHOD 

3.1 Governing Equation 
For predicting aeroacoustic noise, the compressible Navier-Stokes equation and energy equation 

are considered. The LES turbulence model is used to solve the turbulent flow. Moreover, the Dynamic 
Smagorinsky Model is used as a sub-grid scale model. A Finite Volume Method (FVM) was used to 
solve the Navier-Stokes equations with the commercial CFD code star-ccm+. 

For spatial discretization of the convective term, Bounded Central Differencing (BCD) scheme 
used for obtaining a stable solution for LES. BCD is based on the Normalized Variable Diagram 
(NVD) approach. BCD can provide good accuracy and robustness compared with the second-order 
upwind scheme(16). For temporal discretization, second order implicit Euler method was used.   

 
 

 
(a)Isometric view 

 

(b)Side view 
Figure 2 – Computational domain 

3.2 Computational grid   
Computational grid size defined depending on the dominant physical phenomena, turbulent flow, 

or sound wave. Fine grid is required to solve the turbulent flow compare to the sound wave 
propagation. A defined computational grid is shown in Figure 3. The grid size controlled divided into 
three domains, which is indicated in Figure 2(b). Domain-A: sound wave propagation is dominant. 
The sound propagates from the motor fan cover to the microphone, which was located 1m distance. 
The grid size was defined based on the point per wave (PPW). Domain-B: turbulent flow is dominant. 
The fine grid was made in this area for solving turbulent eddy by LES. The grid size was defined 
based on the observation frequency range and Reynolds number. Domain-C: the other area of domain 
A and B. The influence of the observation point assumes small. We made a coarse grid to stable 
numerical computation. 
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(a)Side view 
 

(b) Enlarged view around rotating fan 

Figure 3 – Computational grid 
 

3.3 Time step 
For evaluating numerical time step dependency on the accuracy of SPL prediction dimensionless 

value was defined as follows equations. Courant number (CFL), acoustics wave courant number 
(WCFL) and PPW were used. 

 (1) 

 (2) 

 (3) 

Therein,  represent typical velocity and subscript indicates domain name. is acoustic 
velocity,  is time step,  is grid size,  is maximum frequency range for observation, in this 
study f = 2500 Hz. 

Our defined time step related to the CFL, WCFL and PPW are shown in Table 2. For obtaining the 
high accuracy result, courant number should be controlled under 1.0 in generally, and PPW is above 
10.0 (18). CFL and PPW is sufficient value for all time step and domains. However, in the previous 
study result, which was defined time step dt = 10 μs, the predicted SPL spectra was in good agreement 
with experiment. For reducing computational time, time step dependency was evaluated as the base 
condition is 10 μs. 
 

Table 2 – Defined CFL, WCFL and PPW 

Domain Parameter 
Time step [μs] 

10 15 25 

A 

CFL[-] 0.010 0.014 0.026 

WCFL[-] 0.34 0.51 0.85 

PPW[-] 15 

B 

CFL[-] 0.35 0.5 0.9 

WCFL[-] 3.4 5.1 8.5 

PPW[-] 150 
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4. RESULTS AND DISCUSSION 

4.1 Turbulent flow 
The velocity and averaged pressure distribution are shown in Figure 4. The peak velocity appears 

downstream of the rotating fan. The flow is circulated counterclockwise by the fan rotation; after it 
bends 90 deg, it flows between the each cooling fins. Averaged pressure fluctuation indicated as root 
mean square is shown in Figure 5. High-pressure fluctuation occurs between the leading edge of the 
blade and downstream of it. Especially, pressure fluctuation increased at the leading edge of the blade, 
and fan base plate between the blades. The leading edge of the blade, which is close to the intake, is 
influenced at least eight times by the intake fluctuation per rotation. The fan base plate, which is 
between the blades, influences the separation flow of the suction side blade.  

For analysis of the turbulent flow, the instantaneous second invariant of the velocity gradient tensor, 
called the Q-criterion, is shown in Figure 6. The Q-criterion indicates and iso-surface colored with 
velocity magnitude. The Q-criterion is distributed around the rotating fan and downstream of it. A 
large-scale voritical structure is apparent at the leading edge side of the blade because secondary flow 
occurs by the separation and leakage flow of the blade.  A small-scale voritical structure is distributed 
near the curved motor frame surface caused by separation flow with a swirl flow.  

 

 
Figure 4 – Velocity distribution (Instantaneous) 

 
Figure 5 – Pressure distribution (RMS) 
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Figure 6 – Q-Criterion distribution colored with velocity ( ) 

 

4.2 Pressure fluctuation in the sound source 
For verification of the pressure fluctuation, the computed result and the measured result are 

compared with power spectra density (PSD), which are shown in Figure 7. Predicted pressure 
fluctuation PSD results are in good agreement with the measured results up to 2500 Hz of our 
observation range. A computed PSD trend above the 2500 Hz range is slightly decreasing because the 
computational grid resolution of LES is insufficient. Pressure fluctuation consists of the dominant 
frequency and broadband frequency. The dominant frequency is blade passing frequency (BPF), which 
is based on the blade number and fan rotating frequency. Predicted pressure fluctuation can be solved 
BPF. The broadband frequency is the influence of turbulent flow. Pressure fluctuation decays above 
approximately 500 Hz. The trend of their decay is proportional to the frequency of multiplied by -7/3. 
Pressure fluctuation in the inertial subrange of turbulent flow shown as the following equation(17). 

 (4) 
In that equation,  expresses a wave number, which is related to the unsteady turbulent flow 

frequency. As for various time step, the trend of pressure fluctuation PSD and their value are obtained 
close to measurement result. However, it was found increasing the time step, decreasing the PSD at 
high frequency range. 

 
Figure 7 – Pressure fluctuation PSD at each time step 
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4.3 Sound pressure level 
The SPL spectra at the observation point are shown in Figure 8. The SPL includes BPF, broadband 

noise which cased turbulent flow, and acoustic mode which caused geometry. Predicted SPL with dt 
= 10  was in good agreement with the experimental result. The trend decay of SPL was influenced 
by the computational time step. As the time step increases, the SPL decay increases. Decayed the SPL 
spectra much lower frequency compare to the pressure fluctuation.  As the frequency is higher, the 
propagated pressure wave number per time step is increased. Therefore, a high-frequency pressure 
wave is influenced numerical dissipation compare to the low-frequency. For verification of the SPL 
decay, sinusoidal frequency pressure source , which shows the following equation, defined inside 
of the fan cover, which assumed sound noise by the rotating fan.   

 (5) 
Therein, t is time,  is the amplitude of source pressure, f (= 500 Hz, 2500 Hz) is frequency. 
Dimensionless pressure, , shows in Figure 9. It was confirmed that the propagated pressure 

decays at high-frequency was affected by the time step compared to the low-frequency with simplified 
pressure source conditions.  

 
Figure 8– SPL at observation point at each time step 

 

 
Figure 9 – Dimensionless pressure distribution at each time step and frequency (Instantaneous) 
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5. CONCLUSIONS 
The Direct CAA method applies to predict aeroacoustics noise to develop low noise products. This 

method can predict sound propagation and turbulent flow simultaneously. On the other hand, direct 
CAA method is required much computational time compared to the hybrid CAA method, since small 
time step is needed. 

 For developing stage of products by using direct CAA method, short computational time and 
accuracy are required. Therefore, we investigated the time step dependency for accuracy. From our 
results, we conclude as follows. 

(1) Predicted pressure fluctuation PSD and SPL spectra are in good agreement with the 
experimental result. 

(2) Predicted the PSD is in good agreement, not only the BPF but also the trend of PSD decay in 
the turbulent inertial region corresponds to the experiment.  

(3) The computational time step for predicting SPL is more influenced compare to predicting PSD. 
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Leading Edge for Sweep Blade  
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ABSTRACT 
Experimental studies are performed to investigate the Blade-Turbulence Interaction (BTI) noise reduction of 
a sweep blade with wavy leading-edge (WLE) configuration. The noise radiation from the sweep blade 
leading-edge is generated by the interaction of the blade and incoming anisotropic turbulence which is 
produced by a rod whose wake impinges onto the downstream NACA0012 airfoil. A linear array of 31 
microphones was used in this study to determine the BTI noise source. With the Clean-SC approach, clear 
and quantitative sound radiation results of the leading-edge noise source of swept blade are obtained. 
Parametric studies of the WLE amplitude and wavelength are conducted to understand the effect of WLE on 
BTI noise reduction. It is observed that the OASPL reduction is sensitive to both the amplitude and 
wavelength of the WLE. The WLE with the largest amplitude and smallest wavelength can achieve the most 
considerable OASPL reduction up to 2dB. It is found in this study that the spectra of BTI noise reduction with 
Strauhal number is almost the same for same WLE under different airflow velocities. 
 
Keywords: Broadband noise; Wavy leading edge; Sweep blade; Source identification; Microphone array 

1. INTRODUCTION 
The reduction of the turbulence broadband noise from the trailing-edge (TE) and leading-edge(LE) 

of wing or the turbomachinery blade is nowadays an important industrial need and probably one of the 
most challenging issues in aero-acoustics. Especially, the Blade-Turbulence Interaction noise (BTI 
noise) which from the interaction between the incoming turbulence and blade leading edge is a 
significant contributor to the noise of turbofan, wind turbines, ventilation systems, high -lift devices, 
propellers, and so on. It has been found that the BTI noise can be the dominant source when the 
incoming turbulence intensity is sufficiently high[1], which is often the case at the leading edge (LE) 
of outlet guide vanes in modern high-bypass-ratio turbofan engines. 

The wavy or serrated leading edge (Wavy Leading Edge, WLE) was originally bioinspired by owl 
serrations leading-edge wings and Humpback whale flippers, has been identified as a lift -enhancing, 
drag-reducing and noise reducing modification[2-5]. In addition to the aerodynamic aspects, many 
studies have focused on BTI noise reduction with the WLE in recent years[6-23]. Clair et al.[6] 
experimentally and numerically investigated the effects of wavy leading -edges on the 
airfoil-turbulence interaction noise, reporting a noise reduction of 3-4 dB. Lau et al.[7] numerically 
investigated the effects of wavy leading-edges on the airfoil-gust interaction noise(AGI), finding that 
the ratio of the wavy leading-edge peak-to-valley amplitude (A) to the longitudinal wavelength of the 
incident gust (λg) was an important factor in reducing AGI noise. Kim et al.[11] conducted a numerical 
investigation into the noise reduction mechanisms of wavy leading-edges, obtaining valuable results. 
Mathews and Peake[12] and Lyu et al.[13] also performed theoretical analyses of noise reduction using 
wavy leading-edges. Chaitanya et al.[14] conducted a detailed parametric study of the sensitivity of 
noise reduction effects to the amplitude and wavelength of the leading -edge serrations of flat plates 
and a NACA-65(12)10 airfoil. The influence of the turbulence integral length scale is also studied. 
Biedermann et al.[15] proposed a statistical-empirical model to predict the noise generated by wavy 
leading-edge airfoils. Turner and Kim[16] numerically investigated the aeroacoustic source 
mechanisms of wavy leading-edges on a flat plate, identifying a system of horseshoe-like secondary 
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vortices developing around the wavy leading-edge. Aguilera et al.[17] investigated the interaction of 
anisotropic turbulence with a wavy leading edge NACA 0012 airfoil by means of computational 
aeroacoustic simulations (CAA). Reboul et al.[18] performed a CAA prediction of the broadband noise 
reduction effects of a serrated OGV using synthetic turbulence. A reduction in overall sound power 
level of 1.9 dB was reported[18]. More recently, a series of experimental and numerical simulation 
studies on the broadband noise reduction with WLE was carried out by present authors in Northwest 
Polytechnic University(NPU)[19-22].  

Despite the rapid growth in this field, the understanding of the noise reduction mechanisms 
associated with wavy leading edge is still underdeveloped[23]. For the above wavy leading-edges 
research work, most of the studies have been focused on 2-dimensional airfoils and flat plates with 
2-dimensional flow and most previous studies have used homogeneous isotropic and grid generate d 
turbulence. To the authors' knowledge, real fan noise reduction using wavy leading -edges has only 
been reported recently by Tong et al.[24] and Reboul et al.[25](in fact, the simplified approximate 
two-dimensional flow simulation method is still used in these study[24]), and the investigation of 
leading-edge noise reduction with  incoming anisotropic turbulence has only been reported recently 
by Chen et al.[18-21] and Tong et al[22]. It is well known that the flow around blade of 
turbomachinery presents a strong three-dimensional flow characteristic. It could be expected that the 
flow and acoustic mechanism of the wavy leading edge in turbomachinery are more sophisticated than 
that in the already existing theory with the supposing of 2-dimensional flow around airfoil.  

In the current work, a swept blade which model the three-dimensional flow characteristics around 
blade is used to study the BTI noise reduction mechanism of wave leading -edge configuration.  

2. EXPERIMENTAL SET-UP AND BTI NOISE IDENTIFICATION METHOD 

2.1 Test facility  
The experiment was carried out in the low speed open jet wind tunnel in Northwestern 

Polytechnical University, and a swept blade with sweep angle of 30 degrees and constructed by 
NACA0012 airfoil was experimental investigated in this study. Air is supplied by the wind tunnel at 
Mach numbers ranging up to 0.35, with the Reynolds numbers based on blade chord ranging from 
1.0×105 to 1.0×106. The turbulence intensity at outlet of the wind tunnel is keep below 1%.  

A test swept blade with a 150 mm chord and 300 mm span is placed into the core of an open jet of 
the tunnel exit which is shown in Fig. 1. The swept blade is mounted onto a plexiglass disk, which 
allows tuning the angle of attack α from -5 to +5 degree as shown in figure 1(b). A circular rod with the 
diameter of 10mm is placed 100mm in front of the blade leading edge with the same sweep angle as 
that of swept blade. The anisotropic turbulence in this circular rod wake will interact with the swept 
blade and generate the leading edge noise(BTI noise). 

 

     
            (a)The test setup                          (b)The test swept blade and microphone array     

Fig. 1. Test set-up and Microphone array 
 

An unequal spacing linear microphone array with 31 microphones (as shown in Fig. 1(b)) was used 
to identify the sound source around airfoil and to analysis the noise strength and spectra. The array was 
placed just underneath the test blade about 0.69 m and the center of the array was placed underneath 
the center of the blade. The direction of the linear array is perpendicular to the leading edge of the 
swept blade. The total length of the array is 1720 mm. The maximum distance between adjacent 
microphones in the array is 150 mm and the minimum distance is 35 mm. The all microphones with its 
diaphragm were mounted on a large, hard reflecting surface so that the sound pressure levels obtained 
will be augmented over the whole spectrum, up to the frequency at which incident and reflected waves 
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interfere, by a factor of 2 (6 dB). 
An improved sensitivity beam-forming technology to remove the spatially coherent background 

noise and reduce the beam width based on the deconvolution array data method, Clean -SC which 
developed by Sijtsma[28,29]. In order to quantify BTI noise, the sound level of BTI noise source is 
calculated by superimposing and averaging the sound energy of leading -edge noise in a certain space 
range. 

2.2 Design of the wavy leading edge of swept blade 
The swept blade with swept angle of 30 degrees and constructed by NACA0012 airfoil was 

investigated in this study. The chord of the swept blade is of 150mm and the span is of 300mm.  
In order to investigate the effect of wavy leading edges on the BTI noise, the swept blade with 

modified leading edges, i.e. wavy leading edges, is designed as shown in figure 2. The wavy peak, 
middle, and valley(trough) locations are also depicted in this figure. The averaged Leading Edge(LE) 
line of the WLE blade coincides with the LE of the Straight Leading Edge(SLE) blade so that the mean 
chord length and the wetted area of the WLE blade are maintained constant as that of SLE blade. The 
WLE blade in the form of sinusoidal profile with amplitude A, wavelength W, and mean chord length 
c is shown in figure 2. It should be noted that the wave shape in figure 2 is obtained by projecting a 
sinusoidal line with amplitude A and wavelength W perpendicular to the flow direction to the blade 
span direction. Therefore, the wavelength W is perpendicular to the direction of the inflow. The 
symmetrical lines of the sinusoidal profile passing through the crest and valley points of the wave are 
parallel to the flow direction of the airflow. The chord length of the WLE blade versus spanwise 
coordinate z is of the form 

 2( ) cos2
A zc z c W   (1) 

 

(a)                                         (b) 
Fig.2 The wavy leading edge for swept blade 

 
Five wavy blade modifications comprising all combinations of the sinusoidal serrations of different 

amplitude (A/c) of 5%, 10% ,15% and wavelength (W/c) of 5%, 10%, 20% are designed in this study. 
All wavy blades are labeled by the combinations of the non-dimensional percentage of the amplitude 
and wavelength. The sweep angle of the swept blade is labeled using S30, that means the sweep angle 
is 30 degree. The ranges of the non-dimensional wavy amplitude-to-wavelength ratio (A/W) is from 
0.5 to 2.0. In order to facilitate the replacement of wave leading edge blades and control the cost of 
experiment, a demountable blade test piece is adopted in this test. When rep lacing the experimental 
blade, only the wavy leading edge was replaced. The wavy leading edge is made of organic resin and 
is formed by 3D printing as shown in fig 2(b).  

3. TEST RESULTS 
The BTI noise for the swept blade with and without wavy leading edge were tested with the flow 

speeds of U=30m/s, 40m/s, 60m/s and 70m/s, and the corresponding Reynolds numbers based on the 
airfoil chord are respectively of 30,0000 ~ 70,0000.  

3.1 The spectra of the BTI noise of the swept blade 
The spectra of BTI noise at different airflow velocities is presented in figure 3. It can be clearly 
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seen that there is same obvious tone noise at low frequencies with St=0.153 at four different airflow 
velocities. According to Berland's theory[31], when the rod is far away from blade(L/d is larger than 
3.5), the flow pattern behand circular rod is "wake mode". In this test, the ratio of the distance between 
rod and the blade leading edge to the rod diameter L/d=10, the flow behand of the rod is "wake mode" 
flow pattern according to Berland's theory. The tone noise is caused by periodic interaction between 
the Karman Vortex Street and the leading edge of the blade, and the broadband noise is generated by 
the interaction between wake turbulence and blade leading edge. As we all know, the dimensionless 
frequency of Karman Vortex Street is 0.19(Strauhal number) for air flow passing through a cylinder 
vertically. In this study, the airflow flows passing through the cylinder at an inclination angle of 30 
degrees, so the Strauhal number of the Karman Vortex Street will be obviously smaller than that of the 
cylinder with perpendicular inflow. The Strauhal number of the tone of BTI noise in this study is of 
0.153, which is consistent with the results of previous studies on inclined cylinders flow [32]. 

 
Fig. 3 Spectra of the BTI noise of the swept blade with straight leading edge 

3.2 Effect of wavy amplitude on the BTI noise reduction 
Figure 4 shows the BTI noise source identification results for the straight leading edge blade and 

the wavy leading edge blades with the same wavelength and with increasing amplitude at the airflow 
velocity of 70 m/s. It can be seen that the flow noise around a cylinder does not change at the same air 
velocity. However, BTI noise is changed with the using of wavy leading edge. It could be seen that 
with the small amplitude wave leading edge, the BTI noise may be increased in the low frequency 
range relative to the straight leading-edge blade. With the increase of wave amplitude, the noise in low 
frequency region will be reduced gradually. 

In order to quantitatively describe the influence of wavy leading edge on BTI noise, the spectra of 
BTI noise of swept blade at different airflow velocities with different leading edges were compared. 
Comparing with the spectral results of straight leading edge blades, the spectrum of BTI noise 
reduction ∆SPL with the using of wavy leading edge can be obtained,  

 WavyBaselineSPL SPL SPL   (5) 
 

 
(a) BaselineS30                                 (b) A5W10S30 
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(c) A10W10S30                           (d) A15W10S30 

Figure 4. The identification of rod-blade interaction noise sources (at 70m/s of inflow speed) 
 

Figure 5 shows the experimental results of BTI noise reduction at different flow velocities and with 
different wave amplitude at same wavelength of 0.1c. It can be clearly seen from this figure that the 
noise reduction of blades with different wave amplitudes tends to decrease with the increase of 
frequency at various airflow velocities. When the frequency is greater than a certain value, the noise 
will increase. 

 
(a) 30 m/s                                      (b) 40 m/s 

 
(c) 60 m/s                                      (d) 70 m/s 

Fig. 5 Spectra of the BTI noise reduction with wavy leading edge at same wavelength 
 
When the airflow velocity is 30 m/s, in the frequency range which the Strauhal number is less than 

0.306, the wavy leading edge with the smallest amplitude does not reduce but increase the 
low-frequency noise. When the airflow velocity is greater than 30 m/s, the wavy leading edge with 
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small amplitude can achieve minimal noise reduction in the low frequency range. Noise reduction 
increases with the increase of wave amplitude. In the frequency range of Strauhal number less than 
0.306, all wavy leading edge can achieve noise reduction for the inflow speed larger than 30m/s. In the 
frequency range where the Strauhal number is greater than 0.306, the BTI noise will increase using the 
wavy leading edge with the amplitude smaller than 0.15c.  

It is noteworthy that when the Strauhal number is 2 times the Karman vortex street frequency 
(St=0.306), the BTI noise reduction using wavy leading edge configurations with different wave 
amplitudes at different airflow velocities is all close to zero. This shows that the noise reduction in the 
low frequency range is independent of the wave amplitude, but only related to the wavelength.  

3.3 Effect of wavelength on the BTI noise reduction 
In Figure 6(b) shows the OASPL reduction of BTI noise using WLE at different flow velocities and 

at same wave amplitude of 0.1c but with different wavelength. The OASPL in fig.6(b) is computed 
from St=0.2 to St=1.5. As can be seen from the figure, when the wavelength is l arge, W/c=0.2, the 
WLE configuration can’t effectively reduce the OASPL of BTI noise in the experimental range of 
airflow velocity, and with the WLE at W/c=0.2, the BTI noise will increase with the using WLE 
configuration. This shows that noise reduction can’t be achieved using WLE configuration with the 
larger wavelength. At the same airflow velocity, the smaller the wavelength, the larger the OASPL 
reduction of BTI noise. It is worth noting that with the same wavelength, the higher the airflow 
velocity, the greater the noise reduction. 

     
(a) with same wavelength                    (b) with same wave amplitude 

Fig. 6 The reduction of the OASPL of the BTI noise with wavy leading edge  

3.4 Effect of inflow speed on the BTI noise reduction 
In fig. 7 shows the OASPL reduction of BTI noise with different amplitudes and wavelengths at 

different airflow velocity. It can be seen from fig. 7 that in the experimental range of airflow velocity, 
when the airflow velocity is of 30m/s, the OASPL reduction is small with WLE configuration. When 
the airflow velocity is of 40m/s, the OASPL reduction is obviously increased. However, with the 
further increasing of airflow velocity, the OASPL reduction of BTI noise does not change much. It 
could be also obviously seen from fig. 15 that WLE configuration of swept blade will not reduce the 
BTI noise if the ratio of amplitude to wavelength of the wavy leading edge is too small(0.5).  

4. CONCLUSIONS 
(1) Wavy leading edge will reduce the BTI noise of swept blade in low-frequency range, however, 

WLE will increase BTI noise in high-frequency range. Within the range of experimental parameters, 
not all wave leading edges can reduce BTI noise of the swept blades. If the wave amplitude is too small 
or the wave length is too large, the OASPL of the BTI noise will be increased. 

(2)The amplitude and wavelength of wavy leading edge significantly affect the noise reduction 
spectrum. The wavelength of WLE will also affect the frequency range of noise reduction. The larger 
the wave amplitude of WLE, the larger the noise reduction in the low frequency range. The smaller the 
wavelength of WLE, the larger the frequency range of BTI noise reduction.  

(3) The larger of the wave amplitude of wavy leading edge, the larger of the OASPL reduction of 
BTI noise. The smaller of the wavelength of WLE, the larger of the OASPL reduction of BTI noise. 
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However, in the case of fixed wave amplitude, there will be a minimum wavelength limit, when the 
wavelength is less than this value, further reducing the wavelength will have no effect on noise 
reduction. 

(4) The spectra of BTI noise reduction with Strauhal number is almost the same for same WLE 
under different airflow velocities. For the WLE with the same wavelength of 0.1c, the dimensionless 
Strauhal number at that the BTI noise reduction is zero will keep as a constant of 0.306 under different 
airflow velocity. However, for the WLE with the same wave amplitude, the dimensionless Strauhal 
number at that the BTI noise reduction is zero will be changed with the chang ing of the wave length. 
The smaller the wavelength is, the larger the Strauhal number with zero noise reduction is, and it 
gradually increases from 0.216 to 0.508 when wave length increase from 5mm to 20mm.  

 

 
(a) WLE with same wavelength                (b) WLE with same wave amplitude 

Fig. 7 The reduction of the OASPL of the BTI noise with wavy leading edge at different inflow speed 
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ABSTRACT 
In last few year’s there has been considerable interest in the use of edge modifications for the reduction of 
airfoil noise. One of the most commonly used methods is sawtooth serration edge inspired by the owl's wing. 
The edge serration is known to be quite effective in reducing aerodynamic drag and self noise radiation. But 
the correlation between edges modifications of airfoil and noise reduction was studied also for other forms 
such as wavy or M-shape. Results of an experimental study on turbulent flow over the NACA 0012 airfoil, 
with a flat and serrated trailing and serrated, arc and wavy leading edge are presented in this paper. Detailed 
aeroacoustic measurements are presented of the noise radiated by study airfoils in a low to moderate speed 
flow under acoustical free field conditions. Parametric studies of the amplitude and wavelength 
characteristics are conducted to understand the effect of edges modifications on noise reduction. The 
influences of geometric parameter applied tooth, arc and waves, free-stream velocity on the noise reduction 
effect of are observed.  
 
Keywords: noise, airfoil, NACA 0012, trailing edge, leading edge  

1. INTRODUCTION 
Airfoil self-noise is mainly associated with the laminar or turbulent boundary layer on the blade 

surfaces. This type of noise can have tonal or broadband characteristics, and is considered to be caused 
by several mechanics, such as trailing edge noise, laminar boundary layer vortex shedding noise, tip 
noise, separated or stalled flow noise, and blunt-trailing-edge noise. Trailing edge (TE) noise has been 
an comprehensive aeroacoustic research topic for more than fifty years, both experimentally and 
analytically. In literature reduction of trailing-edge noise is inspired by the silent flight of owls [1] and 
the capability of trailing-edge serrations in noise attenuation [2,3,4] in theoretical, experimental and 
numerical aspect [5,6]. To reduce trailing edge noise several passive methods such as serrated trailing 
edge [7], porous surface [8] and brushes [9] have been investigated. Experimental investigation [10] 
showed that the serrated trailing edge of airfoil may cause a self -noise reduction of up to 2 and 6 dB 
with significant reduction at high frequencies without the loss of aerodynamic performance.  The last 
works showed that further noise reduction can be achieved by the use of more complex trailing edges 
such as: slitted edge, sawtooth with hole, slitted-sawtooth edge and randomly serrated trailing edges 
[11]. The character and level of trailing edge self-noise is highly sensitive to Reynolds number, angle 
of attack, airfoil geometry and trailing edge bluntness. Trailing edge noise radiated in high Reynolds 
number flow has got broadband in nature but in low Reynolds number trailing edge noise has a 
distinctive narrow band character comprising a broadband hump superimposed with a number of high 
amplitude “tones” [12]. In this situation the boundary layer on the airfoil surface is mainly laminar but 
potentially unstable.  

The presented paper is a studies of the aeroacoustic and aerodynamic behavior of symmetrical 
airfoil NACA 0012 with trailing edge serrations with additional serrated, arched and wavy plates on 
the leading edge. Welocity distribution around the airfoil and 1/3 octave sound pressure level at low 
Reynolds number has been investigated and presented.  

                                                        
1joanna.kopania@p.lodz.pl 
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2. EXPERIMENTAL METHOD 

2.1 Test model 
In current work NACA 0012 airfoil has been investigated. The airfoil were manufactured by 3D 

printing using PLA material. Airfoil with chord 0,15m and span 0,35m has got 4,0 mm (thickness) 
blunt trailing edge with a 25mm deep and 2.0 mm thick slot cut through the trailing -edge and leading 
edge along the span in order to allow flat plate serration inserts to be fitted to the airfoil,  as shown in 
Figure 1. Chord of flat and serrated plate added to trailing edge were c = 75 mm, a span of s = 350 mm 
and a thickness of d =2,0 mm. Chord of serrated plate added to leading edge were c = 30 mm. The part 
of each plates (25mm) was insert into the notch in the airfoil. The airfoil with straight unserrated 
trailing edge and unserrated leading edge (baseline) was used as a reference model for airfoil with 
serrated plates. The serrated plate on the trailing edge has got height of teeth 50mm, with distance 
between the tip of teeth 5mm. The serrated plates on the leading edge have got teeth, arcs and wave 
with height 5mm and distance between the tip was 5mm (serrated and arc) or 10mm (waves). The flat 
plate and serrated plates were used in this experiment as a additional trailing and leading edges. The 
geometries serrated plates added to airfoil are presented on the Figure 2 and Table 1. 

 

 

 

Figure 1. Studied airfoil and locations of microphones and thermo anemometer around the airfoil. 

 
 

 
 

 
Figure 2. The geometries serrated plates added to airfoils. 
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Table 1. The parameters of serrated plates. 

  Parameters of studied plates 

Term  Model of airfoil l 

[mm] 

2h 

[mm] 

2h’ 

[mm] 

 

[mm] 

 

[ ] 

r 

[mm] 

Baseline  Flat plates on trailing and leading 

edge 

25 - - - - - 

Serrated  Flat plate on trailing edge and 

serrated plate on leading edge 

25 50 - - 26,6 - 

Serrated - 

serrated 

Serrated plate on trailing edge and 

serrated plate on leading edge 

25 50 5 5 26,6 - 

Serrated – 

arcs 

Serrated plate on trailing edge and 

arc plate on leading edge 
25 50 5 5 - - 

Serrated - 

wavy 

Serrated plate on trailing edge and 

wavy plate on leading edge 

25 50 5 10 - 2,5 

 

2.2 Aeroacoustical measurement 
The measurements were performed on the special constructed test stand with the outlet to the 

anechoic room. The outlet was square with parameters 150×350 mm. Airflow was induced by a fan 
mounted on the inlet of the stand and regulated by the power inverter. The outlet of test stand was in the 
anechoic room at the Institute of Power Energy in Lodz. The anechoic test chamber is cubic, 
approximately 350m3 in size and has walls that are acoustically treated with foam wedges providing a 
reflection free environment. The airfoil was held by side plates in outlet of test duct. To measure the 
far-field noise was made by SVAN 958. The two microphones was located on trailing and leading edge 
(perpendicular to the direction of the flow) positioned at a distance 1200mm from the edges (in middle 
of airfoil). To generate turbulence structures, and obtain an elevated level of turbulence intensity in the 
freestream, a rhombus grid (mesh of grid 10mm, angles of mesh 50  and 130 ) was placed outside the 
outlet of test duct. The experimental setup for NACA 0012 is shown in Figure 3. The microphone was 
calibrated before commencing the acoustic test.  

 

 
Figure 3. The photograph of NACA 0012 during the measurements 

 
The aeroacoustical and aerodynamical parameters were studied at 0  angles of attack (zero angle 

was in level at x-axis). The measurements were taken at five flow velocities in outlet of duct: 6m/s; 

Microphone 

Microphone 2 

Grid on 

air-outlet 
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9m/s; 12m/s; 15m/s. The velocities distribution in outlet of the stand test were measured by using a 
Pitote probe and calculated by using log-Chebyshev method. For these investigations a small single 
probe was used to this with a diameter of 2 mm by using data acquisition station - SAD-2, equipped 
with the ADAM modules 4000+, an integrated PC with the application GeniDAQ equipped with a 
Visual Basic language.  

Additional, detailed flow measurements at several point along the chord line on upper surface have 
been performed using thermo anemometer measurement technique for NACA 0012 airfoil in order to 
better understand the effects of serration on the aerodynamic performance of the airfoil. The 
measurements were carried out at angle of attack,  = 0  for chord corresponding to Re=1,0×105. For 
thermo anemometer the point measurement were logged at locations y=10mm, 30mm 50mm relative to 
the lateral surface of airfoil. Each measurement plane was populated with 33 measurement points to 
accurately capture the flow behavior at that region.  

3. EXPERIMENTAL RESULTS 

3.1 Acoustical parameters  
The knowledge about aerodynamic and acoustic parameters of airfoil in low Reynolds number is 

important for learning its physical nature. Most of the flight animals (insects, birds) fly at Reynolds 
number of 103-105 due to their low speed and small length scales. Current trend "inspiration on 
nature" to improved the aerodynamical of flight and reduce flight's noise parameters requires 
knowledge in this aspect. In this work the acoustic measurements of NACA 0012 airfoil as the baseline 
and serrated configurations were carried out for 0  angle of attack and velocities: 6m/s; 9m/s; 12m/s; 
15m/s which correspond to chord-based Reynolds Re = 8×104 to 2,0×105. The main goals of this work 
was to determine the impact of plates steel, cut as flat, serrated, arc and wavy and added to trailing and 
leading edges of two studied airfoils, to emitted noise.  

The spectra of the acoustic pressure level in the 1/3 octave bands were determined for tested air foil 
with different configuration. As we seen from Fig. 4 and 5 there are differences in spectrum of SPL 
between baseline and serrated models and for the rest of studied models. Tonal character of SPL 
spectrum of studied models of airfoils is observed.  

For baseline and serrated models three peaks are observed at lower Reynolds number: in 400Hz  
(observed also for the rest models), 1600Hz and 4000Hz (Fig. 4). For the rest of studied models - 
serrated-serrated, serrated-arc and serrated-wavy - between frequencies 1250 – 7000 Hz significantly 
lower SPL values are observed than for the baseline and serrated models. So, its suggest then airfoil 
with modified trailing and leading edge could reduce noise of airfoil. From Fig. 4 is seen that there are 
not so significantly differences between the spectrum from microphone 1 and 2 - probably the distance 
between the microphones was too small, what can influence on the spectrum. One difference is 
observed - the small peak around 1000Hz - for serrated-serrated, serrated-arc and serrated-wavy 
models. For serrated-serrated and serrated-arc models small inflexion point at 2500Hz is observed 

The some differences in spectrum of SPL between baseline and serrated models and for the rest of 
studied models are observed in higher Reynolds number (Fig. 5) . Tonal character of SPL spectrum of 
studied models of airfoils is also observed. For baseline and serrated models peaks are observed in 
400Hz, 1600Hz, 4000Hz and 6300Hz. For serrated model small inflexion point at 1000Hz is observed. 
For serrated-serrated, serrated-arc and serrated-wavy models, between frequencies 3500 - 10000Hz 
significantly lower SPL values are observed compared to baseline and serrated models. For  
serrated-serrated, serrated-arc and serrated-wavy models three peaks, at 400Hz, 800Hz, 2500Hz and 
3150Hz are observed. The peak at 400Hz is not related to spectrum of studied airfoil models. This peak 
is observed also in spectrum of test duct, without of models. So, the test duct must be modified, if the 
studied will carried out in lower frequencies (below 500Hz). But in these studies, the comparison of 
1/3 octave SPL spectrum between the model with flat plates added to leading and trailing edges to the 
models airfoil with serrated edges is important. So, it does not matter the SPL spectrum of background 
(test duct). Based on the results, it could be concluded that combination of modified edges of airfoil 
could reduce of its noise. 
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Figure 4. The 1/3 spectrum of SPL from microphone 1 (on the left from leading edge) and microphone 2 (on 

the right from trailing edge) for tested models of NACA 0012 with flat plate and serrated added to trailing and 

leading edge, at =0  and Re = 8×104.  
 

 
Figure 5. The 1/3 spectrum of SPL from microphone 1 (on the left from leading edge) and microphone 2 (on 

the right from trailing edge) for tested models of NACA 0012 with flat plate and serrated added to trailing and 

leading edge, at =0  and Re = 2,0×105.  
 
In this work, it was important to understanding, how different serrated added to leading edges of 

tested airfoils influence on the noise of these airfoils in regard with the airfoils with straight edges. The 
differences in the sound pressure level between airfoils with straight and serrated edges were 
determined (“differential SPL”). That allowed to define the bands in which the added plates reduce the 
noise. The difference of measured SPL between serrated and straight airfoils depending to velocities 
for NACA 0012 airfoil are presented in Figure 6 and Figure 7 as a colour-maps. As is seen from the 
Figure 6 and Figure 7 the maximum noise reduction value, depending on velocity and frequency, and 
it could exceed 6dB (red fields on the maps) for all studied models with serrated edg es.  

Impact of leading edge noise at low frequency becomes more prominent from 11m/s onwards 
(pictures b), c) and d)). In each case (Figure 6) noise reduction is observed, e.g. for serrated model at 
about 7m/s above 2000Hz and 9m/s in whole range of frequencies (approximately 2dB). After add the 
serrated plates to leading edge of airfoil the noise reduction increase, e.g. for serrated-serrated model 
above 11m/s in whole range of frequencies noise reduction is around 5-7dB.  

The noise contributions associated with the leading edge and trailing edge are well separated in the 
frequency domain and velocity. In lower velocity there are not influence of modified (serrated) plates 
added to leading edge of airfoil, what suggest that in these range of Reynolds number and in these 
conditions will not reduction of noise. 

Generally the noise reduction of studied airfoils have got a resonance character, what mean that the 
increase and decrease of differential SPL depended on frequencies is observed – especially around 
10m/s, where are minus values of differences SPL what mean that in this region and by this velocity 
there are not noise reduction.  
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Figure 6. Colour-maps of relationship difference sound pressure level between baseline airfoil and serrated 

airfoils depending on velocities for microphone 1 (from leading edge), dB (ref 20 Pa), for NACA 0012 for 

the case of = 0  (differences between baseline and serrated -a); differences between baseline and 

serrated-serrated b); differences between baseline and serrated-arc c); differences between baseline and 

serrated-wavy d)). 
 
Colour-maps of differential SPL are very similar for signals obtained from microphone 2. As is 

seen from the Figure 7 the maximum noise reduction value also exceed 6dB (red fields on the maps) 
for all studied models with serrated edges. Impact of leading edge noise at low frequency becomes 
more prominent from 11m/s onwards (pictures b), c) and d)). In each case noise reduction is observed, 
as a red fields for serrated-serrated, serrated-arc and serrated-wavy models and as green fields for 
serrated model. No differences in differences SPL colour-map (from microphone 1 and 2) indicate any 
need of modification of test duct and its retesting. 
 

 
 

Figure 7. Colour-maps of relationship difference sound pressure level between baseline airfoil and serrated 

airfoils depending on velocities for microphone 2 (from trailing edge), dB (ref 20 Pa), for NACA 0012 for 

the case of = 0  (differences between baseline and serrated -a); differences between baseline and 

serrated-serrated b); differences between baseline and serrated-arc c); differences between baseline and 

serrated-wavy d)). 
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3.2 Aerodynamical parameters  
Flow measurements at several point along the chord line on upper surface have been performed 

using thermo anemometer measurement technique, to illustrate the laminar flow separations.  
 

 
Figure 8. Colour-maps distribution of velocity along the chord on upper side of airfoil NACA 0012 for the 

case of = 0  (baseline -a); serrated b); serrated-serrated c); serrated-arc d); serrated-wavy-e)). 
 

The laminar separation bubble is formed when the previously attached laminar boundary layer 
encounters an adverse pressure gradient of sufficient magnitude to cause the flow to separate. In the 
first region of airfoil, near the leading edge, relatively slow flow is observed, which is responsible for 
forming the bubble. In the next region of flow consists of the free shear layer which  undergoes 
transition due to disturbance amplification occurring in the unstable laminar layer. Momentum transfer 
due to turbulent mixing eventually eliminates the reverse flow near the wall and the flow reattaches to 
the surface of airfoil (in point "a"). For studied models point “a” slightly move to leading edge for 
three models: serrated-serrated, serrated-arc and serrated-wavy (this point is near x/c=0,7) in 
compared to baseline model, where point “a” is x/c=0,9-1,0. Process of separation, transition and 
reattachment results in a laminar separation bubble that has a predominate effect on the entire airfoil 
flow field and its decrease can improve of lift force of airfoil.   

4. CONCLUSIONS 
In this work the experimental results show that the serrated trailing and leading edges of airfoil can 

change the aerodynamic performances and have got influence on SPL spectrum, reduce the noise in 
some frequencies. The level of these change depends on the type of airfoil, and the geometri cal 
characteristics of the serration. The colour-map results show that the serrations significantly affect on 
noise reduction compared to the baseline but its dependent on velocity and frequencies. The noise 
spectra usually comprise two or three peak dependent on geometries of added plates. Generally the 
noise reduction of studied airfoils with modified edges have got a resonance character, what mean that 
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the increase and decrease of differential SPL depended on frequencies is observed. This is very 
important when considering noise generated from example by fan flow interaction with inlet 
turbulence plays a major role in airfoil self noise and further works in this aspect can allow for 
construction of "silence fan". 

A physical phenomena of laminar flow separations and suppress the burst of the laminar separation 
bubbles for better aerodynamic performances of low-Reynolds-number airfoils is very important. This 
requires a detailed knowledge about transient behavior of the separated laminar boundary layers and 
the evolution of laminar separation bubbles. In low Reynolds number in which appearance of laminar 
separation (formation of a separation bubble on the airfoil) is observed, flows around the airfoil has got 
unsteady nature, it makes the flow field complicate and influence oh noise of airfoil. This is also major 
factor of deterioration of lift force of airfoil by due to boundary layer separation on the airfoil. 
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Abstract
Although the importance of sonic crystals serving as sound barriers is growing, only a little interest was given to
the sound emission from a sonic crystal due to windy weather conditions. The Curle’s aeroacoustic analogy is
reviewed in brief to obtain a suitable formulation for the low Mach number flow and rigid crystal structure. The
radiation from the crystal has the dipolar characteristic and the dominating frequency corresponds to the Stouhal
number 0.3. The values slightly exceeding 50 dB[A] were found for the radiation maxima at 20 m distance. It
follows from the method design that it provides maximum estimate of the radiated power.
Keywords: sonic crystals, vortex sound, CFD simulations

INTRODUCTION
Special configurations of specifically shaped elements called sonic crystals are promising in the field of noise
reduction. It can be shown that there are regions of frequency domain (band gaps) in which the crystal is
effectively impermeable for sound waves (see e.g. [1] for further commentary). The major practical advantage
of the sonic crystals is ease of their construction compared to noise barriers demanding solid foundations.
Although there are various element shapes that can form a crystal lattice cell we limit ourselves to a simple yet
common case of the crystal consisting of cylindrical rods.
In this work we investigate possible drawback of this approach. When the sonic crystal is situated outdoors the
wind flowing past the rods might act as a source of sound. The topic is approached by numerical simulations
of the turbulent flow with subsequent analysis by means of the vortex sound theory. The presented method
calculates the maximum estimate of the radiated sound power.

THEORY
Sound generation from the airflow through a sonic crystal is inherently linked to the well-known phenomenon
of flow instabilities past a cylinder. The Strouhal number St specific for the studied case is not predetermined,
but we may assume it to lie between 0.2 – 0.4. Hence, we can assess that for rod diameters in centimeters and
flow speeds around 10 m/s (fresh breeze) the flow instabilities frequency should be expected in tens of hertzs.
The corresponding wavelength of the radiated sound is at least three meters, making not only the rods’ diameter
but also the height and the breadth of the crystal acoustically compact for many practical cases. It follows that
the airflow through the crystal shall be regarded incompressible. For the same reasons we do not consider
any interaction of the flow induced sound with the crystal stop-band. Usually they are at least one order of
magnitude apart from each other for the outdoor situated noise barriers. To sum up these considerations, we
can simulate the incompressible turbulent flow through the sonic crystal and then employ a suitable aeroacoustic
analogy.
In his well-known pair of articles [2, 3] Lighthill proposed equivalency of the sound generated by the turbulence
in the real fluid and the sound produced in the ideal and stationary medium with a source governed by the so
called Lighthill stress. The resulting wave equation for density perturbations ρ ′ = ρ − ρ0 propagating at the
adiabatic sound speed c0 in an unbounded Stokesian fluid reads [5]
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∂ 2

∂ t2 ρ
′− c2

0∇
2
ρ
′ = ∇ ·

[
∇ ·
(
ρuuuuuu+

(
p′− c2

0ρ
′)I−σσσ

)]
, (1)

where uuu, p, I and σσσ denote the fluid velocity, pressure, the unit tensor and the viscous stress tensor respectively.
The mean values are denoted with the subscript 0, the perturbation values with the prime (·)′ (e.g. p′ = p− p0).
In the limit of low Mach number Ma and high Reynolds number Re the pressure and density perturbations
on the right hand side cancel each other, the viscous stresses are negligible compared to the Reynolds stresses
ρ0uuuuuu. That leaves only the double divergence ∇ · [∇ · (ρ0uuuuuu)] on the right hand side of Eq. (1).
In the presence of stationary solid body within the flow dipole sources emerge beside the free-field quadrupolar
contributions. They are formally introduced by the so called Curle’s aeroacoustic analogy resulting from the
Lighthill’s theory taking into account the source imaging due to the solid boundary presence. Let H denote the
Heaviside step function defined as 0 for a point inside the body and 1 everywhere else. Let us suppose the low
Mach and the high Reynolds number limit and the rigid body. The wave equation for the density perturbations
then takes the form [5, 4]

∂ 2

∂ t2

(
Hρ
′)− c2

0∇
2 (Hρ

′)= ∇ · [∇ · (Hρ0uuuuuu)]−∇ ·
[(

p′I+ρ0uuuuuu
)
·∇H

]
. (2)

The first source term corresponds to the previously investigated quadrupole source from the turbulent wake and
its power is proportional to Ma5. The second source term represents the reaction of the body surface to the
unsteady flow. Its radiation characteristic is dipolar and its power proportional to Ma3 for low Mach number
[5]. Hence, the qudrupole contribution is negligible compared to the dipole one when Ma→ 0. For a rigid body
with the no slip velocity condition on its surface ρ0uuuuuu = 0 on the face of the body and therefore only the p′I
term on the right hand side persists.
The following integral analogue of Eq. 2 is obtained by means of the three-dimensional free-space Green’s
function:

(
Hc2

0ρ
′)=− ∂

∂xi

∮
S

p′
(

t− |xxx−yyy|
c0

)
4π|xxx− yyy| ni dS(yyy) , (3)

where ni is the ith component of the unit normal vector on the rod surface. In the far field (Fraunhofer)
approximation (|x| → ∞, p′ = c2

0ρ ′) it reads

p′(xxx, t)≈ xi

c0|xxx|2
∂

∂ t

∮
S

p′
(

t− |xxx|
c0

+
xxx · yyy
c0|xxx|

)
ni dS(yyy) . (4)

It follows that the far field acoustic pressure can be calculated from the known unsteady pressure on the rods’
faces obtained by a suitable numerical simulation. Since the rods’ diameter is small compared to the typical
wavelengths we disregard any diffraction effects. The integral in Eq. (4) represents the force exerted on the
surface of the rod by the fluid. For an isolated cylinder the net force is usually predominantly perpendicular to
the free flow direction and therefore it is sometimes called lift (force). Because the relation of the complicated
flow inside the crystal to the free flow is nontrivial we don’t use this designation. However, as it will be shown
below, the radiated sound directivity suggests that the overall effect of the unsteady forces is "rather a lift than
a drag".

NUMERICAL EXPERIMENTS
The numerical results presented below was simulated using Comsol Multiphysics software, version 5.4. The
fluid dynamics simulations employed the Single-phase Turbulent flow interface with the Shear Stress Transport
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Figure 1. Example of a monofrequency plane wave (1040 Hz) propagating through the studied sonic crystal
(left), transmission loss of the crystal (right) in the direction depicted left.

model (i.e. the Unsteady Reynolds Averaged Navier Stokes Equations – URANS – approach, see e.g. [6]).
The inflow velocity was 12 m/s (corresponding to a fresh breeze), the open boundary condition is imposed on
all other boundaries. The auxilliary acoustic simulations were made within the Pressure acoustics environment.
Subsequent treatment of the simulated data was made using our own code in GNU Octave environment.

3.1 The studied case
In order to bring the simulations close to a real example we first review the features the sonic crystal exhibits
as a sound barrier. Assuming that the outdoor placed crystals shall prevent primarily the traffic noise it is
reasonable to tune the configuration to have a band-stop around 1 kHz. In the following a hexagonal lattice
with the lattice constant 0.13 m and the rods’ diameter 60 mm is studied. The transmission loss (assuming
invsicid and thermally nonconducting air without mean flow) and an example of wave propagating through the
crystal are in Fig. 1.

3.2 Restriction to two dimensions
Although the turbulence is essentially a three dimensional phenomenon, we might make use of the fact that the
variation of pressures and velocities is much more pronounced across the rods then along them. A simplified
example is depicted in Fig. 2 (the symmetry boundary condition is imposed on the top and the bottom of the
domain). The isosurfaces of unsteady pressure are virtually invariant along the z direction. Naturally, we cannot
fully exclude the surface pressure perturbations along the height of the rods, especially further inside the crystal,
we just assume them to be significantly weaker than the azimuthal perturbations.
On the other hand, a complete restriction to the planar description (e.g. using the 2D instead of the 3D Green’s
function in Eq. (4)) would lead to a considerable overestimation of the radiated sound power. Therefore, we
suggest to extrude the planar flow solution to three dimensions and employ Eq. (4) on the rods’s surfaces
disregarding the bases.
Weak phase differences along the height of the rod (which would not be captured by the suggested approach)
are possible. Nevertheless, their near field effects would lead to weaker far field radiation and so we are getting
the maximal radiated power estimation.

3181



Figure 2. Instantaneous isosurfaces of pressure petrurbations p′ = p− p0, where p0(xxx) = 1/T
∫ T

0 p(xxx)dt with T
being a period of steady oscillations. The colorbar values are in pascals.

3.3 Sound power and spectrum based on extrusion
A planar set-up consisting of 18 rods in 6 columns was simulated. A snapshot of the instantaneous velocity
field is depicted in Fig. 3. The von Kármán vortex street is not formed inside the crystal. However, the trailing
wakes behind the cylinders are unstable and therefore pressure perturbations of the cylinders’ faces occur.
Eq. (4) is employed in a discretized form. The radiated pressure is evaluated on a circle with the center in the
midpoint of the crystal and of the 20 m radius. The radiated sound spectrum is dominated by the frequency
62.5 Hz (see Fig. 4), corresponding to the Strouhal number of 0.31 (the rods’ diameter is the characteristic
length).
In Fig. (4) the sound pressure level (in dB[A]) of the dominant frequency is depicted as the height and the
color is governed by the phase angle. It is evident that the sound radiation from the crystal resembles a dipole
with nulls at the inflow direction.

DISCUSSION
Limitations of the presented method depends on the validity of various assumptions. First, the URANS ap-
proach neglects some of the turbulent nonlinearities propagating through the crystal. The main mechanism is
captured correctly but some subtleties regarding the perturbations along the rods’ height and fine tuning of the
flow synchronization might have been left out. A logical step in the future research is therefore a comparison
between the URANS and the Large Eddy Simulation (LES) in a benchmark case. Second, the imperfections
of the extrusion technique should be better quantified and further tested. Another point of high interest is the
stability of Strouhal number with varying inflow speed and crystal geometry.
The Curle’s formulation under conditions allowing for the volume sources to be neglected is well-suited for the
Boundary Element Method (BEM), which might be employed instead of the Green’s functions.
The calculations disregards the reflections from the ground. Although many of the surface types (e.g. grass)
have low reflection coefficient for almost grazing incidence, which would be the case, this topic should be
closely discussed in the future.
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Figure 3. Instantaneous velocity field around the crystal center visualized by the Line Integral Convolution.
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Figure 4. Left: Sound pressure level (SPL) and phase angle of the dominant frequency evaluated on the circle
of 20 m radius surrounding the sonic crystal. Right: Spectrum of the emmited sound in the main radiation
direction.

Note that for the noise hygiene purposes the effect of low frequency on the human perception has to be counted
in (e.g. by conversion of decibels to phones). Generally, the low frequency noise is not percieved as loud as
the benchmarks around 1 kHz (cf. e.g. [7]).

CONCLUSIONS
The method of estimating the radiated spectrum and sound power generated from the flow through a sonic
crystal was designed, tested and discussed. The sonic crystal under windy weather conditions radiates the sound
with the dipolar characteristic and the fundamental frequency corresponding to the Strouhal number 0.3. Since
some of the loss mechanisms were disregarded the method provides the maximum estimate of the radiated
power (ca. 55 dB[A] in the main radiation direction).
The future goals include benchmarking of the method with the LES, study of the Strouhal number stability and
comparison of the results obtained employing the Green’s functions with the BEM simulations.
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DOA Estimation of Underwater Targets via Improved Monopulse Method
with Sonar Array
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Abstract
In this paper, a DOA estimation method using improved monopulse to resolve two targets in a single beam
is proposed. We first establish an echo model of two targets with sonar array. Then we derive the maximum
likelihood angle estimation based on a numerical optimization solution (Levenberg-Marquardt method). After
that an improved monopulse method is proposed to estimate the DOA of the targets according to the maximum
likelihood estimation principle. Finally, the simulation results prove that, the improved monopulse method
performs very well in many aspects, including small estimation error and less computational complexity.
Keywords: DOA estimation; two targets; sonar array; Monopulse

1 INTRODUCTION
In the field of sonar detection, the most commonly used method for DOA estimation of underwater targets is the
conventional beamforming (CBF) algorithm. It has the advantages in small computation, easy implementation,
high robustness and wide application range. However, due to the limitation of Rayleigh limit, the method
cannot resolve multiple targets located within one beam. Based on array signal processing, the spatial spectrum
analysis can effectively achieve the multi-target super-resolution, and the MUSIC algorithm[1] and the ESPRIT
algorithm[2] are the most commonly used methods. Based on these two methods, scholars have proposed
many improved methods, such as root-MUSC[3], LS-ESPRIT[4], etc.. These algorithms have high accuracy and
good robustness, but require that the signal sources are narrow-band and uncorrelated. When the conditions
are not met, the performance of these algorithms will drop rapidly and sometimes even fail. In the 1980s, a
new class of DOA estimation algorithms called subspace fitting algorithms, including the maximum likelihood
(ML) algorithm[5] and the weighted subspace fitting (WSF) algorithm[6], was proposed. The subspace fitting
algorithm has excellent estimation performance. But it has large computational complexity and is inconvenient
for real-time engineering processing.
In order to reduce the amount of calculation, this paper studies DOA estimation of two targets in a single
beam with sonar array. We first establish an echo model of two targets received by the array, and develop
the maximum likelihood angle estimation based on Levenberg-Marquardt(LM) method. Since it has a slow
convergence rate, then we propose a dual-monopulse method to estimate the DOA of the targets according to
the maximum likelihood estimation principle. The method is expected to gain advantages in DOA estimation
accuracy and moderate requirement on the system complexity as it is based on the dual-monopulse system. The
core idea the proposed method is that, two monopulse systems are formed and each of them points at one
of the targets, and iterations are then carried out to reduce the DOA estimation errors. In the Section 5, the
performance of this method is demonstrated via Monte Carlo simulations.

2 TWO-TARGET ECHO MODEL OF SONAR ARRAY
Consider the uniform linear array consisting of N elements, the single snapshot received by the sonar array in
the case of two targets is

xxx = A1sss(u1)+A2sss(u2)+nnn (1)
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where

sss(ui) = [e− j (N−1)dπ

λ
ui ,e− j (N−3)dπ

λ
ui , . . . ,e j (N−3)dπ

λ
ui ,e j (N−1)dπ

λ
ui ]T

is the array steering vector,ui = sinθi, i = 1,2, θ1 and θ2 are the angles of the two targets with respect to the
normal of the array. λ is the wavelength, d is the distance between adjacent array elements. A1,A2 ∈ C1×1 are
the complex amplitudes of the two target echoes, respectively. nnn ∈ CN×1 represents the thermal noise received
by array, which is independently and identically distributed white Gaussian noise with zero mean and a variance
of σ2 .

3 MAXIMUM LIKELIHOOD DOA ESTIMATION
According to the distribution of the noise in (1), one can conclude in the following Gaussian density function
of the array measurement with respect to A1,A2,u1,u2,

p(xxx;u,aaa) = [1/(πσ
2)]N exp{−[1/σ

2](xxx−SSSaaa)H(xxx−SSSaaa)} (2)

where aaa = [ A1 A2 ],SSS = [ sss(u1) sss(u2) ]. The maximum likelihood estimates can then be obtained by maxi-
mizing the above formula, which equals to minimizing (xxx−SSSaaa)H(xxx−SSSaaa). For notational convenience, we nor-

malize xxx as 1√
N

xxx= 1√
N
(A1sss(u1)+A2sss(u2)+nnn) ∆

=A1sss1+A2sss2+nnn′ , in which
[

sss111 sss222
]
=
[

1√
N

sss(u1)
1√
N

sss(u2)
]

∆
= SSS and nnn′′′ = 1√

N
nnn. Denote Q = (xxx−SSSaaa)H(xxx−SSSaaa) , then A1,A2,u1,u2 can be estimated by setting the partial

differentiations of Q with respect to them to 0, i.e.,

∂Q/∂A1 =−sssH
111 xxx+A1 +A2sssH

111 sss222 = 0 (3)

∂Q/∂A2 =−sssH
222 xxx+A1sssH

222 sss111 +A2 = 0 (4)

∂Q/∂u1 = 2Re[−AH
1 sss′H111 xxx+AH

1 A2sss′H111 sss222] = 0 (5)

∂Q/∂u2 = 2Re[−AH
2 sss′H222 xxx+AH

2 A1sss′H222 sss111] = 0 (6)

which conclude in the following estimates according to (3) and (4),

Â1 =
sssH

111 xxx− sssH
222 xxxsssH

111 sss222

1−||sssH
111 sss222||2

(7)

Â2 =
sssH

222 xxx− sssH
111 xxxsssH

222 sss111

1−||sssH
222 sss111||2

(8)

However, it is difficult to obtain the expressions of û1, û2 straightforwardly based on these equations[7]. Let
ωωω = (u1,u2), and consider Q = ‖xxx− S̄SSaaa‖2. minQ(ω) becomes a least square problem. So we make use of a
numerical optimization solution to obtain the value of û1, û2.
The Levenberg-Marquardt method[8] is used to solve this problem. For the least square problem minQ(ωωω) =
1
2‖FFF(ωωω)‖2, the LM method defines that: ggg(ωωω) = ∇Q(ωωω) = JJJ(ωωω)T FFF(ωωω). Where JJJ(ωωω) = FFF ′(ωωω) = [∇FFF1(ωωω), . . . ,

∇FFFm(ωωω)]T . And the search direction dddk is defined as dddk = −(JJJk
T JJJk + µkIII)−1JJJk

T FFFk, where JJJk = JJJ(ωωωk), FFFk =
FFF(ωωωk),and µk > 0. According to the iteration rule ωωωk+1 = ωωωk +αkdddk, then we derive the iteration sequence
{ωωωk}. The last value is the minimum point of optimization problem. The step factor αk is determined by the
Armijo search method[9].
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We propose LM-based maximum likelihood angle estimation(LM-ML)[10].The process of the LM-ML is showed
in the following:
Step one: choose the initialization value of ωωω as ωωω0, set the permissible error 0≤ ε ≤ 1, the maximum number
of iterations K and µ0 > 0, let k = 0;
Step two: calculate JJJk and get ggg(ωωωk) = JJJk

T FFFk, when ‖ggg(ωωωk)‖ < ε or k ≥ K, stop and output the ωωωk as the
optimal solution;
Step three: calculate dddk, and get dddk =−(JJJk

T JJJk +µkIII)−1JJJk
T FFFk;

Step four: obtain the step factor αk by the Armijo search method;
Step five: set ωωωk+1 = ωωωk +αkdddk, k = k+1. Update µk and substitute ωωωk+1 into Eq.(7) and (8) to update A1,A2,
then go to step two.
After several iterations, we obtain the minimum point ωωωk = (u1k,u2k), which is the DOA estimation of the
LM-ML.

4 DUAL-MONOPULSE BASED DOA ESTIMATION METHOD
Since the LM-ML has a slow convergence rate and a long computation time, we propose a dual-monopulse
method for angle estimation following the guidelines of the above derivations. In the method, two monopulse
systems are constructed and the angles of the two unresolved targets are estimated via iterations[11]. It can be
concluded from Eq. (7) and (8) that,

Â1 =
sssH

111 xxx− sssH
222 xxxsssH

111 sss222

1−||sssH
111 sss222||2

=
(PPPs2⊥sss1)

Hxxx

‖PPPs2⊥sss1‖2 = wwwΣ1xxx (9)

Â2 =
sssH

222 xxx− sssH
111 xxxsssH

222 sss111

1−||sssH
222 sss111||2

=
(PPPs1⊥sss2)

Hxxx

‖PPPs1⊥sss2‖2 = wwwΣ2xxx (10)

where PPPs1⊥ = III− sss1sss1
H and PPPs2⊥ = III− sss2sss2

H are the orthogonal projection matrices with respect to sss1 and sss2,
respectively, which satisfy

‖PPPs1⊥sss2‖2 = ‖PPPs2⊥sss1‖2 = 1−|sss2
Hsss1|2 (11)

Moreover,

wwwΣ1 =
(PPPs2⊥sss1)

H

‖PPPs2⊥sss1‖2 , wwwΣ2 =
(PPPs1⊥sss2)

H

‖PPPs1⊥sss2‖2 (12)

It can be easily obtained that wwwΣ1
Hsss1 = 1,wwwΣ1

Hsss2 = 0 and wwwΣ2
Hsss1 = 0,wwwΣ2

Hsss2 = 1 .
Thus Â1, Â2 can be deemed as the sum beams of the monopulse system I and II, respectively, which are denoted
as Σ1,Σ2 in the rest of the paper. wwwΣ1 ,wwwΣ2 are the weight vectors of Σ1,Σ2 . The formulation of the sum beams
helps to enhance the target signal of interest and suppress the signal of the other target at the same time.
According Eq.(5) and (6), one can obtain that,

∆1 = sss′1
Hxxx−A2sss′1

Hsss2 = sss′1
H
(xxx−A2sss2) (13)

∆2 = sss′2
Hxxx−A1sss′2

Hsss1 = sss′2
H
(xxx−A1sss1) (14)

Substituting Eq.(9) and (10) into Eq.(13) and (14) respectively yields
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∆1 = sss′1
H

(
xxx−

(PPPs1⊥sss2)
Hxxx

‖PPPs1⊥sss2‖2 sss2

)
= www∆1xxx (15)

∆2 = sss′2
H

(
xxx−

(PPPs2⊥sss1)
Hxxx

‖PPPs2⊥sss1‖2 sss1

)
= www∆2xxx (16)

where

www∆1 = sss′1
H

(
III−

sss2(PPPs1⊥sss2)
H

‖PPPs1⊥sss2‖2

)
= sss′1

H− sss′1
Hsss2

‖PPPs1⊥sss2‖2 (PPPs1⊥sss2)
H (17)

www∆2 = sss′2
H

(
III−

sss1(PPPs2⊥sss1)
H

‖PPPs2⊥sss1‖2

)
= sss′2

H− sss′2
Hsss1

‖PPPs2⊥sss1‖2 (PPPs2⊥sss1)
H (18)

It can be easily concluded that www∆1
Hsss1 = 0 , www∆1

Hsss2 = 0 , www∆2
Hsss2 = 0 , www∆2

Hsss1 = 0
Thus ∆1,∆2 can be deemed as the difference beams of monopulse system I and II respectively, and www∆1 ,www∆2 are
the weight vectors of ∆1,∆2 . The difference beams of the two systems help to suppress the jamming signal.
The iterative formulas of monopulse system I and II are

u1t = u10 + k−1
(

∆1

Σ1

)
, u2t = u20 + k−1

(
∆2

Σ2

)
(19)

where k is the slope of the monopulse response curve (MRC) and its value is derived according to literature
[12] when the angle estimation error is very small. The formula for setting the value of MRC is

k = [sss′′(u)Hsss(u)+ sss(u)Hsss′′(u)]/sssH(u)sss(u) = 8

N−1
2

∑
n=−N−1

2

[
πn(

d
λ
)

]2

/N (20)

According to the above derivations and Eq.(19), the dual-monopulse system for angle estimation can be con-
structed as that shown in Fig.1.
According to Eq.(19), this system estimates the directions of the two unresolved targets based on the current
beam pointing orientations. Then the beam orientation is updated according to the refreshed DOA estimates.
The iteration is terminated when a predefined convergence criterion is satisfied. In this paper, the convergence
criterion is set when the difference between the new DOA estimates and the beam pointing orientations is less
than a certain iterative threshold in a single cycle. In Fig.1, u10,u20 are the sine values of the current beam
pointing angles and u1t ,u2t are the sine values of the DOA estimates of the two targets, γ is the iterative
threshold.

5 SIMULATION
Consider a vertical uniform linear array whose inter-element distance equals half-wavelength. The number of
array elements is N=100, then the beamwidth is θ3dB = 0.886 λ

Nd ≈ 1.016◦. The iterative threshold γ = 10−8.
SNR is defined as the ratio of the direct signal power to the noise variance of each array element, i.e., SNRi =
|Ai|2
σ2 . The root mean square error (RMSE) defined as RMSEi =

√
E[(θ̂i−θi)2] is introduced for DOA estimation
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Figure 1. The process of the dual-monopulse based DOA estimation method

Figure 2. Iterations of dual-monopulse method and LM-ML for different SNR

precision evaluation. In order to enhance the generality of the conclusions, the target azimuth, the included
angle and the RMSE are normalized with respect to the beam width, the unitary azimuth of the target is
θ̄i = θi/θ3dB , the unitary inter-target angle is ∆θ = |θ1−θ2|/θ3dB , the unitary root mean square error (URMSE)
is URMSE =RMSE/θ3dB .
The influences of the SNR and the azimuth on the performance of the proposed method are studied in the
following simulations. When the influence of a certain factor on the performance is studied, the other parameters
are fixed on typical values. In each situation, 1000 Monte Carlo simulations are carried out to obtain the
statistical performances.

5.1 Relationship between the Number of Iterations and the SNR
We compare the number of iterations of the dual-monopulse method with that of LM-ML algorithm. In this
experiment, we assume the radian of the two target azimuths to be θ1 =−0.007,θ2 = 0.008 , respectively, and
the corresponding unitary azimuths are θ̄1 = −0.41, θ̄2 = 0.47. Fig.2 shows the relationship curve between the
iterations of two methods and the SNR with SNR = SNR1 = SNR2 .
Fig.2 shows that the number of iterations of the dual-monopulse method is less than that of the LM-ML method
and it decreases with increasing SNR.
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Figure 3. Iterations of dual-monopulse method and LM-ML for different unitary inter-target angle

Figure 4. URMSE1 derived from two methods for different SNR

5.2 Relationship between the Number of Iterations and the Inter-Target Angle
In this experiment, we assume the SNR of the two signals as SNR1= SNR2 = 30dB, Fig.3 shows the relationship
curve between the iterations of two methods and the unitary inter-target angle ∆θ .
Fig.3 shows that the number of iterations of the dual-monopulse method decreases significantly when the inter-
target angle increases. And when the inter-target angle is smaller than 0.7 times the beamwidth, the LM-ML
method cannot reach the convergence condition after 3000 iterations. From the above results one can conclude
that, compared with the LM-ML method, the dual-monopulse method converges fast and has low computational
complexity. So it can estimate DOA of the targets more quickly and efficiently.

5.3 Relationship between the DOA Estimation Accuracy and the SNR
We compare the DOA estimation accuracy of the dual-monopulse method with that of the LM-ML method. In
this experiment, we assume the radian of the two target azimuths to be θ1 =−0.007,θ2 = 0.008 , respectively.
Fig.4 shows the relationship curve between the URMSE1 of the first target of two methods and the SNR with
SNR = SNR1 = SNR2 .
Fig.4 shows that the RMSE decreases and the angle estimation accuracy improves with increasing SNR. The
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Figure 5. URMSE1 derived from two methods for different unitary inter-target angle

angle estimation error of the dual-monopulse method is close to that of the LM-ML method.

5.4 Relationship between the DOA Estimation Accuracy and Inter-Target Angle
In this experiment, we assume the SNR of the two signals as SNR1= SNR2 = 30dB, Fig.5 shows the relationship
curve between the URMSE1 of two methods and the unitary inter-target angle ∆θ .
Fig.5 shows that the URMSE increases when the inter-target angle decreases. The phenomenon accords with the
experience of most sonar users that, when the inter-targer angle decreases, the two targets get closer and become
more difficult to be resolved, and the precision of DOA estimation decreases accordingly. Moreover, the angle
estimation error of the dual-monopulse method is close to that of the LM-ML method, which approximates
CRLB[10].

6 CONCLUSIONS
This paper studied the problem of resolving two unresolved targets with sonar array, and a dual-monopulse
based DOA estimation method is proposed. The simulation results indicate that, this method works effectively,
and it gains advantages in small estimation error. Moreover, compared with the maximum likelihood angle
estimation algorithm, the proposed method is faster and less computationally intensive.
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ABSTRACT
Predicting vibrations in rotor dynamics under the impact of uncertainty is still a challenging issue. Research 
work published in this area is usually focused on the stochastic dynamics of rotor- bearing systems by 
considering the stiffness and damping coefficients of simplified bearing models as random parameters rather 
than the original characteristics of the oil film. In this paper, the characterizing parameters of the lubricant 
film such as the dynamic viscosity are considered as uncertain parameters to investigate their influences on 
the rotor dynamics response. To this end, the modified Jeffcott rotor model with offset disc is established 
considering the gyroscopic effect. At the same time, the parameters of the bearing are obtained by solving 
the dynamic characteristics of oil film. Then, the dynamic response of the rotor is numerically calculated. In 
order to investigate the influence of the parameters of the lubricant film, the response is modeled as a 
stochastic process with unknown coefficients by using the generalized polynomial chaos expansion.  The 
coefficients are then determined from some realizations of the response on a set of collocation points. Finally, 
the accuracy of the method is compared with Monte Carlo Simulation.

Keywords: Uncertainty quantification, rotor dynamics, lubricant film

1. INTRODUCTION
In recent years, rotor dynamics problem has drawn a wide attention due to the constant increasing 

application of rotating machine in industry. As a consequence, numerous investigations about rotor dynamics 
have appeared, and most of them showed a great significance on improving the reliability of rotating machine.

Although many research work have been done for rotor dynamics, for example, the critical speed, 
unbalance response and even some nonlinear behavior of rotor have been investigated (1, 2), most of these 
researches are under deterministic analysis. However. there are some uncertainties in rotor system, such as 
the geometry parameters, material properties, and even some parameters in the related parts like bearing. 
These uncertain parameters can directly affect dynamics behavior, such as changing the critical speed which 
can affect the efficiency of rotating machine. Furthermore, some uncertain parameters can affect the stability 
problem, for instance, the oil whirl and whip phenomenon which can affect the stability of rotor may occur 
when considering the influence of oil-film bearing. Since the great influence on rotor dynamics caused by 
uncertainty has been commonly recognized, some research related to this problem has been done. For 
example, Sepahvand investigated the influence of random geometrical parameters of bladed disc on natural 
frequency of rotor system (3); Sinou chose the young modulus and stiffness of shaft to study their effect on 
dynamic response of rotor (4); Ma viewed the stiffness, damping coefficients of support as random 
parameters and studied their influence on dynamic response of rotor (5); Fu observed the influence of 
uncertainties from unbalance magnitude, crack depth, Young’s modulus and bearing stiffness on dynamic 
response of a crack rotor (6). Although many work about rotor dynamics with uncertainty have been done, 
most of them only considered the random parameters of the rotor itself and ignored the influence of the 
connecting components. Even if someone considered the random parameters of connected components, such 
as Ma and Fu considered the parameters of support, but it should be noted that these parameters like stiffness 
in each direction cannot be changed independently in reality. Therefore, stochastic rotor dynamics 
considering the original properties of connecting parts, like viscosity of oil-film bearing, is still challenging.

As for the methods used for uncertainty problems, Monte Carlo (MC) method, a kind of sampling method, 
is widely used in many engineering problems. MC method can reach a better accuracy especially with more 
                                                       
1 xiaodong.sun@tum.de
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samples, but it usually causes a high computational cost. In order to deal with this problem, a non-sampling 
method called the generalized Polynomial Chaos (gPC) expansion has been introduced to address the 
uncertain problem (7, 8). Lots of research show that, compared with the traditional sampling-based method 
such as MC method, gPC expansion is more efficient. 

In this paper, the random parameters of short oil-film bearing are considered to investigate their influence 
on rotor dynamics based on gPC expansion. Rotor-bearing model is explained in section 2, and the gPC 
expansion method is introduced in section 3, lastly, the numerical analysis is presented in section 4.

2. ROTOR-BEARING MODEL

2.1 Rotor Model
Jeffcott rotor with offset disc is usually described as a model including a massless shaft and a rigid 

disc, and its motion can be written as follows:
+ ( + ) + = fMU C G U KU F( )( )U C G U KU F+ ( + ) + =+ ) + (1)

Where M, C, G, K are global mass, damping, gyroscopic and stiffness matrices; , ,U U U, ,U U U, ,  are 
acceleration, velocity and displacement vector, respectively; and Ff is external force, which include 
the unbalance force vector. 

The natural frequencies and the response of the system can be calculated by assuming the solution 
of U as the form of 0

teU U . In addition, since the rotor is supported by bearings, the dynamics 
characteristics of the rotor system will be affected by the properties of bearing. Therefore, the bearing 
is usually taken into consideration of rotor dynamics.

2.2 Bearing Model

Oj
Ob

e

x

y

hmin

hmax
ξ

η

Ω

φ

θ

Figure 1 –Scheme of a hydrodynamic bearing
The scheme of hydrodynamic bearing can be seen in Figure 1. It can be seen that the thickness of 

oil-film h is a function of eccentricity e:
cos( )h c e (2)

Where c is the clearance between journal and bearing shell, and  represent the coordinate in 
cylindrical direction.

Reynolds’ Equation of cylindrical oil-film bearing can be written as:

3 3
2

1 6 2 cos sinp p hh h e e
R z z

isinicoscoscoscos (3)

Where R is radius, p is pressure, is viscosity, is rotating speed. For a relative short bearing, 
the first term in the left side of Eq. (3) can be ignored (9). Thus, the analytical solution of oil-film 
pressure can be described by integration considering the boundary condition:

2 2
3

3 sin( ) 1
2 (1 cos )

lp z
D (4)
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In which  is the ratio of eccentricity to clearance. By integrating Eq. (4) on the length direction, 
the oil-film force can be obtained. And then, this force can be expressed as the form of vertical and 
horizontal force applied to shaft:

cos sinxF F F (5)

sin cosyF F F (6)

2 2

2 5 22 2

2 2 1 2= 1
1 1

F F
222 22 22 2 2221 2 2

(7)

3 2 22 2

2 4= - 1 -
2 1 1

F F 444
(8)

The journal bearing connects the support structure and rotating shaft, and it is usually simplified 
as a model with stiffness and damping coefficients, as shown in Figure 2. The stiffness and damping 
coefficients of bearing in this model can be obtained by partially differentiating the vertical and 
horizontal oil-film forces by displacements ,  x y  and velocities ,  x yx y,  :

= +          ( ,  = , )i i i
ij

F F Fk i j x y
j j j (9)

= +         ( ,  = , )i i i
ij

F F Fd i j x y
j j j

(+ FiFiFF )x y, ,         
jjjj

+
jj

++ (10)

(kxx,cxx)

(kyy,cyy)

Journal

Bearing shell

(kxy,cxy)

(kyx,cyx)

Figure 2 – Simplified model of journal bearing
For the global stiffness matrix K in Eq. (1), it only includes the stiffness of rotating shaft when 

using rigid supports, but when considering the support as flexible one, this stiffness matrix will be 
reconstructed by adding the parameters of supports (10).

3. UNCERTAINTY ANALYSIS

3.1 Polynomial Chaos Expansion Based on Collocation Method
The basic idea of gPC expansion is to project the variables of system onto a stochastic space 

spanned by a set of complete orthogonal polynomials which are the function of random variable, for 
example, an uncertain parameter 

y
can be represented as:

1 1 2

1 1 1 2 1 2 1 2 3 1 2 3
1 1 2 1 2 3

0 0 1 2 3
1 1 1 1 1 1

= ( ) ( , ) ( , , )
i i i

i i i i i i i i i i i i
i i i i i i

x x x x (11)

Usually, it can be written as:

1
1

= ( )i i
i

x (12)
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In which xi are unknown coefficients of polynomial i  , while i  are a set of multidimensional 
polynomials with respect to the multidimensional random variables  with the orthogonality relationship, 
and in practical simulation, the series in Eq. (6) is commonly truncated to a finite number of terms and 
denoted by N. In addition, the selection of polynomial i  is depend on the distribution type of random 
variable , for example, the Legendre orthogonal polynomial are the optimal basis for the random variable 
with uniform distribution. 

In some cases, the stochastic process of system response can be represented by directly substituting the 
random parameters into the specific expression between input and output. However, the expressions of some 
systems are very complex, and even some systems can not be described by a series of analytical equations. 
In such situation, the stochastic process of system can be constructed by collocation method, which directly 
represent the output parameters as the gPC expansion. 

3.2 Coefficients of Polynomials
In gPC expansion based on collocation method, the polynomials of output are determined by the 

distribution type of random variables  . For example, if 1 2={ }  , and 1 (0,  1)N(0,  1)N   which best 
polynomial is Hermite polynomial 1)j  while 2 ( 1,  1)U ( 1,  1)U   which best polynomial is Legendre 

polynomial 2 )jL , then polynomial of output can be assumed as:

1 2)= ) )j j jL (13)
After that, the gPC expansion of output can be viewed as the combination of polynomials in Eq. (13) with 

several unknown coefficients. These coefficients can be solved by the least square method, which need a 
number of sample points, and the number of points should be more than the number of unknown coefficients. 
Meanwhile, the process of solving these points can be viewed as a black-box. 

Details of gPC expansion based on collocation method can be seen from Figure 3:
Output y under uncertainty

N order gPC expansion with 
unknown coefficients

gPC expansion

Satisfied the 
accuracy

Compare with other 
method, eg. MC

Output by gPC expansion

Add the order of 
gPC expansion N

Optimal 
polynomial for ξ1

Optimal 
polynomial for ξ2

Polynomial 
for output 

Ψi(ξ)

Optimal 
polynomial for ξn

Collocation points 
{ξ}1, {ξ}2, ,{ξ}n)

Output 
{y1, y2, ,yn}

Coefficients

The least square method

Value of 
Ψi(ξ)

Black-box

Figure 3 – Flowchart of gPC expansion based on collocation method

4. NUMERICAL ANALYSIS
The analyzed model is a kind of modified Jeffcott rotor model with offset disc, and the parameters 

of this model are provided in Table 1.
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Table 1 Parameters for analyzed rotor-bearing model

Parameter Value

Length of shaft, m 0.88

Distance from end of shaft to disc, m 0.3

Diameter of shaft, m 0.03

Diameter of disc, m 0.24

Thickness of disc, m 0.04

Viscosity of oil, Pa·s 0.074

Length of bearing, m 0.06

4.1 Deterministic Analysis
It can be concluded from Eq. (9) – (10) that the stiffness and damping coefficients of bearing are 

the function of rotating speed, which can be illustrated in Figure 4. Then, the unbalance response in 
x-direction is solved for the rotor model with rigid support . The result is shown in Figure 5. It can be 
noted that the critical speed is 36.17 Hz. When considering the oil-film bearing, the response in x-
direction is different compared with the rigid support situation, which is shown in Figure 6. Comparing 
these two types of supports, the critical speed is different, and the amplitude of response under flexible 
support is significantly lower than that under rigid support.
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Figure 4 – Stiffness and damping coefficients of oil-film bearing
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Figure 5 – Unbalance response in x direction for rotor with rigid support
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Figure 6 – Unbalance response for rotor with short bearing model

4.2 Random Parameters and Uncertainty Analysis
In this work, the parameters of oil-film are viewed as the random parameters. The length of bearing 

and clearance are assumed as uniform distribution, and the viscosity is assumed as normal distribution.  
The detailed information can be seen in Table 2.

Table 2 Random parameters and distribution

Random Parameter Distribution

Viscosity of oil, Pa·s (0.074,  0.003)N(0.074N

Length of bearing, m (0.05,  0.07)bL U (0.05,U

Clearance, m (0.0008,  0.0012)c U(0.000U

The choice of collocation points is significant for gPC expansion. It can affect the convergence 
and convergent rate of the construction of gPC expansion. Here, the  combination of specific roots of 
higher order polynomial are used to build the sample space, and the corresponding response under 
these sample points can be obtained by deterministic analysis. Three order gPC expansion is built in 
this work. The response under these points are shown in Figure 7. It can be seen that the responses 
are different due to the different input parameters, which means the input parameters like viscosity 
can affect the characteristic of oil-film so that can affect the response of rotor.

26 28 30 32 34 36
Rotating speed (Hz)

0

0.4

0.8

1.2 10-3
cp1
cp2
cp3
cp4
cp5
cp6
cp7
cp8
cp9
cp10
cp11
cp12
cp13
cp14
cp15
cp16

A
m

pl
itu

de
 (m

)

Figure 7 – Unbalance response of sample points
After these responses obtained, the gPC expansion can be built by choosing the optimal 

polynomials and calculating the related coefficients. In order to give a comparison, the maximum 
amplitude and corresponding rotating speed are extracted to construct their gPC expansion. To 
validate the precise of constructed gPC expansion, a comparison with the MC simulation is carried 
out. The PDF of maximum amplitude and corresponding rotating speed under gPC expansion and MC 
simulation are obtained and shown in Figure 8 and Figure 9. The PDF obtained by gPC expansion are 
well fitted with that by MC simulation.
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5. CONCLUSIONS
Rotor dynamics analysis under the impact of oil-film bearing is conducted considering the 

uncertainties in bearing. In this work, a short bearing model is employed to study its impact  to rotor 
dynamics. The pressure of oil-film is calculated by solving Reynolds’ Equation, and the oil-film force 
is obtained by integrating the pressure on length direction. Then, the dynamics coefficients including 
stiffness and damping are calculated by differencing the oil-film force. After that, the rotor-bearing 
model is established by taking the parameters of bearing into consideration. It can be concluded that 
the flexible bearing has a significant influence on dynamics response of rotor.

Parameters of oil-film such as viscosity are viewed as random parameter to study the influence on 
rotor dynamics caused by their uncertainties. The gPC expansion based on collocation method is 
developed to study the uncertain problem in this rotor-bearing model. Results show that the stochastic 
process of response can be well described by the constructed gPC expansion in a higher accuracy 
compared with MC simulation. It was also shown that the selected random parameters can affect the 
response of rotor system. 
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ABSTRACT 
Tire non-uniformities give rise to rolling force variation at the spindle during steady state rolling. These kinds 
of characteristics are to some extent unavoidable. Therefore, limiting and managing the non-uniformities is 
of great economic importance to tire manufacturers. In this paper, an analytical model for predicting the 
high-speed uniformity and the force transmissibility using low-speed uniformity data is presented. The model 
is established based on a three-dimensional ring on an elastic foundation model. Considering the tire mass 
unbalance and the non-uniformity of the geometry, the variations of the force on the tire-road contacting area 
and the length of the footprint are analyzed. The mass and the geometrical non-uniformities are transformed 
into generalized forces and the equilibrium equations are solved in the space coordinate system. The length of 
the footprint caused by the non-uniformities is expanded by Fourier series, and the deformation is integrated 
to obtain the variation of the axial force. The method provides a possibility for the diagnosis and evaluation of 
high-speed tire dynamic characteristics. 
 
Keywords: Tire non-uniformity, Vibration of tires, Force transmissibility, Three-dimensional ring model, 
Rolling kinematics 

1. INTRODUCTION 
Ride characteristics of passenger vehicles are affected by a variety of sources, including road 

roughness, structural transmission and drive system. It will cause the vibration in a wide frequency 
range. The overall driving vibration environment of the vehicle will also be influenced by the defects 
of the wheel, such as unbalanced mass distribution and uneven radial run-outs. Tire is an important 
component which generates and transmits the excitation in contact patch with road surface. But 
considering the complicated production process of tires which is inevitable to cause uncertainty of 
the tire structure, the dispersion of material and structural parameters will result in of the variations 
of the tyre dynamic force at the wheel rotation frequency. 

The wheel unbalance and non-uniformity have been reported in several published studies to be 
the major causes of vehicle ride discomfort (1- 3). The perception of ride discomfort owing to the 
unbalanced vibration is predominantly in the low frequency range (<10Hz). The vibration caused by 
the non-uniformity defects of tire is related to the rotation speed. The radial run-out of a tire would 
yield appreciable vibration and tyre force variations at a frequency equal to twice the rotational 
speed (4, 5). However, most of the researches only focus on the experiment method and results (6, 7). 
Some existing analytical models (5, 8) are too simple to describe tire structural and geometric 
parameters. 

Therefore, the purpose of this paper is to develop an analytical model for predicting the 
high-speed uniformity and the force transmissibility using low-speed uniformity data is presented. 
The model is established based on a three-dimensional ring on an elastic foundation model. 
Considering the tire mass unbalance and the non-uniformity of the geometry, the variations of the 
force on the tire-road contacting area and the length of the footprint are analyzed. The mass and the 
geometrical non-uniformities are transformed into generalized forces and the equilibrium equations 
are solved in the space coordinate system. The length of the footprint caused by the non -uniformities 
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is expanded by Fourier series, and the deformation is integrated to obtain the variation of the axial 
force. The method provides a possibility for the diagnosis and evaluation of high-speed tire dynamic 
characteristics. 

2. MODELING 

2.1 Tire Ring Model 
A tire was modeled in this paper. Figure 1 shows a deformable ring with a rectangular cross 

section on an elastic foundation (9). The tire is described by using cylindrical coordinates (r, θ, z) in 
the non-rotating coordinate system. The uniform pressure was applied on the inner wall. The sidewall 
of the tire was equivalent to the elastic foundation. The elastic properties of the foundation are 
modeled respectively by distributed springs in the radial, circumferential and axial directions  (ku, kv 
and kw).The tread of a radial tire was modeled as a laminated composite ring considering the 
Timoshenko beam theory. A natural frequency analysis was created based on this model.  

 
Figure 1 – Schematic of the laminated composite ring on an elastic foundation 

This model can be simplified as a 2D in-plane model when only the in-plane vibration and force 
transmissibility is considered. The steady state response of the tire body under the concentrated 
forces can be written as follow.  

2
1 0 2 0

1 1

2
1 0 2 0

1 1

, 1 cos sin

, 1 sin cos

kc

b n vk k n uk
k n
kc

b n vk k n uk
k n

v t A Q n Q n A Q n

u t nA Q n Q n nA Q n
 (1) 

Eq.(1) also can be transformed into a matrix form. 
U = T*Q  (2) 

where, U is the displacements of tire body; T is the flexibility matrix; Q is the matrix of generalized 
forces. 

2.2 Contact Forces 
The displacements of the tire body cannot be calculated in advance, because the tire body is not 

directly in contact with the rode surface. The displacements of the tire body and the tread rubber 
should be satisfied the geometry compatible conditions (10). Under a given overall deformation, the 
normal and tangential deformations of the tread rubber are: 

cos sin ( )cos sin
sin cos ( )sin cos

s l e b b

s l e b b

u R R R u v
v R R R u v

 
(3) 

The forces acting on the rubber surface can be calculated. 
0( )ns Es s

ts Gs s

F k u h
F k v  (4) 

The generalized forces and the tractions are obtained by using the coordination transformation. 
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ns

ts
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F  

(6) 

Assuming the displacements of tire body are small. Substituting Eq.(3-4) into Eq.(5) and 
transforming to the matrix form, the linearized boundary equation is: 

Q = F + HQ  (7) 
The exact contact forces are obtained by successive substitution which is treated as the input of 

the rigid ring to calculate the transient responses. 

2.3 Flexible-rigid Ring 
Solving the partial differential equations of tire motion which is considered the large-deformation 

and the rotation effect will make the dynamic model complex (11). Therefore, the transient responses 
of tire body are approximated using a rigid ring to describe the first modes of tire body (<100Hz). 
The rigid ring represents the inertia of a tire. 

The rigid ring is connected to the rim by 6-DOF spring. The contact forces generated by the 
flexible ring are the input load on the rigid ring to calculate the transient response. Then the position 
will be frozen and calculate the local deformation and the next-step contact forces of the tread 
rubber. 

 
Figure 2 –Schematic of flexible-rigid ring model 

2.4 Non-uniformity parameter 
In this paper, the mass and the geometrical non-uniformities are considered. The unbalance 

concentrated mass is transformed into generalized forces and the equilibrium equations are solved in 
the space coordinate system. The uneven radial run-out, the geometrical non-uniformity, affects the 
parameter matrixes in the Eq. (7), and it also influences the contact forces. 

3. PARAMETER IDENTIFICATION 
To demonstrate the validity of this proposed theoretical model, a radial tire was modeled in this 

paper. The parameters of the flexible ring including the geometric and physical parameters will be 
identified from FEM model and engineering design parameters. As in the case study, the proposed 
new three-dimensional ring model is applied to the vibration modal analysis of the radial tire, 
195/70R14. The parameters are listed in Table 1. 

The parameters of the rigid ring and the stiffness parameters of the 6-DOF spring are identified 
by using the first modes results of the natural frequencies. The free vibration experiment should take 
into account the lateral modes. The cleat test and the static stiffness experiments also can be used to 
identify those parameters (11). 
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Table 1 –Parameters of a 195/70R14 radial tire 

Parameter type Unit Numerical value 
Ring width b m 0.16 

Ring thickness h m 0.01 
Internal pressure p0 N/m2 2.5 105 

Effective density    kg/m3 2.28 103 
Mean radius r m 0.285 

In-plane bending stiffness EI N m2 2.0 
Radial distributed springs of sidewall ku N/m2 6.3*105 

Circumferential distributed springs of sidewall kv N/m2 1.89*105 
Tread band thickness h0 m 0.0125 

Tread normal stiffness kEs N/m 4.3*105 
Tread tangential stiffness kGs N/m 2.53*105 

4. SIMULATION RESULTS 

4.1 Contact Pressure Distribution 
The results of contact force distribution under five different vertical load conditions are shown in 

Figure 3. It shows that the center part of the contact patch has a trend of buckling. 

 
Figure 3 –The results of contact force distribution 

4.2 Numerical Simulation Results 
The results show that the vibration response caused by the mass imbalance mainly appears near the 

rotation angular frequency of the wheel, while the vibration response caused by the geometric 
non-uniformity of the tire appears near twice the rotation angular frequency of the wheel.  At higher 
speeds, the effect of mass imbalance is more obvious, because the generalized force is directly related 
to the angular velocity of the wheel. The results suggest that under the excitation of flat road surface, 
the influence of wheel unbalance is the most pronounced, while on rough road surface, the influence 
gradually diminishes. 

5. CONCLUSIONS 
Tire non-uniformities give rise to rolling force variation at the spindle during steady state rolling. 

These kinds of characteristics are to some extent unavoidable. Therefore, limiting and managing the 
non-uniformities is of great economic importance to tire manufacturers. In this paper, an analytical 
model for predicting the high-speed uniformity and the force transmissibility using low-speed 
uniformity data is presented. The model is established based on a three-dimensional ring on an elastic 
foundation model. Considering the tire mass unbalance and the non-uniformity of the geometry, the 
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variations of the force on the tire-road contacting area and the length of the footprint are analyzed. The 
mass and the geometrical non-uniformities are transformed into generalized forces and the equilibrium 
equations are solved in the space coordinate system. The length of the footprint caused by the 
non-uniformities is expanded by Fourier series, and the deformation is integrated to obtain the 
variation of the axial force. The method provides a possibility for the diagnosi s and evaluation of 
high-speed tire dynamic characteristics. 

ACKNOWLEDGEMENTS 
The authors acknowledge the support from the China Scholarship  Council (CSC). 

REFERENCES 
1. Long WC. Factors Affecting Performance of Hubs, Drums, Wheels, and Rims on Truck Tractors and 

Trailers. SAE Technical Paper; 1965 Feb 1. 
2. Kenny TM. Quantifying tire, Rim, and vehicle effects on ride quality. SAE Technical Paper; 1989 Feb 

1. 
3. Stutts DS, Krousgrill CM, Soedel W. Parametric excitation of tire-wheel assemblies by a stiffness 

non-uniformity. Journal of sound and vibration. 1995 Jan 19;179(3):499-512. 
4. Cebon D. Interaction between heavy vehicles and roads. SAE Technical Paper; 1993 Mar 1. 
5. Deodhar A, Rakheja S, Bhat RB. Vibration and tyre force transmissibility of commercial vehicles 

owing to wheel unbalance and non-uniformity defects. International Journal of Heavy Vehicle Systems. 
2006 Jan 1;13(3):212-40.  

6. Kim KW, Park JB, Lee SJ. Tire mass imbalance, rolling phase difference, non-uniformity induced 
force difference, and inflation pressure change effects on steering wheel vibration. SAE Technical 
Paper; 2005 May 16. 

7. Dorfi HR. Tyre non-uniformities: comparison of analytical and numerical tyre models and correlation 
to experimentally measured data. Vehicle system dynamics. 2005 Jan 1;43(sup1):223-40. 

8. Dillinger BL, Jalili N, Ul Haque I. Analytical modelling and experimental verification of tyre 
non-uniformity. International journal of vehicle design. 2008 Jan 1;46(1):1-22. 

9. Liu Z, Zhou F, Oertel C, Wei Y. Three-dimensional vibration of a ring with a noncircular cross-section 
on an elastic foundation. Proceedings of the Institution of Mechanical Engineers, Part C: Journal of 
Mechanical Engineering Science. 2018 Jul;232(13):2381-93. 

10. Kim SJ, Savkoor AR. The contact problem of in-plane rolling of tires on a flat road. Vehicle System 
Dynamics. 1997 Jan 1;27(S1):189-206. 

11. Kim S, Nikravesh PE, Gim G. A two-dimensional tire model on uneven roads for vehicle dynamic 
simulation. Vehicle system dynamics. 2008 Oct 1;46(10):913-30. 

 
 
                                                         
 
 
 
 
 
 

3204



Calculation of wave propagation characteristics in pre-deformed periodic
lattice frame structures via Spectral Element Method

Marius MELLMANN1∗; Chuanzeng ZHANG1
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Abstract
In recent years, the design, optimization and application of periodic materials and structures, such as phononic
and photonic crystals, are becoming popular in many engineering fields. For instance, the phononic crystals can
manipulate the elastic and acoustic wave propagation characteristics. Consequently, it is feasible to create the
so-called band-gaps, which are certain frequency ranges, in which the propagation of elastic or acoustic waves
is prohibited (1, 2). Accordingly, such structures have many promising applications in sound and vibration
insulation as well as wave filters. In this paper, the dispersion curves of pre-deformed periodic lattice frame
structures are calculated using the Spectral Element Method (SEM), which is based on the exact solution of the
elastic wave equations. Numerical examples will be presented and compared with FEM calculations.

Keywords: Periodic lattice structures, Phononic crystals, Spectral Element Method (SEM)

1 INTRODUCTION
For periodic lattice frame structures, it is possible to manipulate the vibration and elastic wave propagation

properties by altering the stiffness and density of the structural members or by adding local resonators. In

addition to the change of the stiffness and mass of the system,

it is also possible to control the vibration and wave propagation

properties by means of a specific pre-deformation of the struc-

tural elements, such as shown in Figure 1 (3, 4). The vibration

and wave propagation characteristics of such structures can be

obtained by considering a representative unit-cell with imposed

Bloch-Floquet boundary conditions and calculating the corre-

sponding dispersion curves. This calculation can be carried out

by different numerical methods such as the FEM, FDM, Plane

Wave Expansion (PWE) Method and Layered Multiple Scatter-

Pre-deformation

Original lattice Zig-zag lattice

Figure 1. Pre-deformation of a periodic lat-

tice structure.

ing (LMS) Method (5). In this paper the dispersion curves of pre-deformed periodic lattice frame structures

are calculated using the Spectral Element Method (SEM), which is based on the exact solution of the elastic

wave equations. This results in the advantage, that it is sufficient to represent each beam with just one spectral

element and the eigenvalue calculation still yields the exact eigenfrequencies.

2 SPECTRAL ELEMENT METHOD
The Spectral Element Method used in this paper is based on the approach by Doyle (6) which uses the

exact solution of the elastic wave equations to derive spectral element matrices. This method is not to be

mistaken for the Spectral Element Method proposed by Patera (7) which is based on the FEM with high order

shape functions. The approach by Doyle begins by transforming the governing partial differential equations of

motion from the time domain into the frequency domain via Fourier-Transformation. Consequently, the time

variable is replaced by the frequency variable and the time-domain partial differential equations are transformed

∗Corresponding author: mellmann@bau.uni-siegen.de
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into frequency-domain ordinary differential equations. Subsequently, these equations are solved exactly and by

using the exact wave solutions frequency-dependent dynamic shape functions are derived (8). By means of

the dynamic shape functions the exact dynamic stiffness matrix, called the spectral element matrix, is finally

formulated similarly to the procedure commonly used in FEM (8).

In the following sections the derivation of the spectral element matrices for the rod and the Euler-Bernoulli

beam are presented. The formulation is based on the force-displacement relation method. For other methods of

spectral element formulation, like the variational method or the state-vector equation method, we refer to (8).

2.1 Derivation of the spectral element matrix for a rod
The partial differential equation of motion for free longitudinal vibration of a rod is given by

EAu′′ −ρAü = 0, (1)

where u(x, t) is the longitudinal displacement, E is the Young’s modulus, A is the cross-sectional area and ρ is

the mass density. The solution of Eq. 1 is assumed as

u(x, t) =
1

N

N−1

∑
n=0

Un(x,ωn)e
iωnt . (2)

Substituting the approach of Eq. 2 into Eq. 1 yields the eigenvalue problem

EAU ′′+ω2ρAU = 0 (3)

for each discrete frequency ωn. The general solution of Eq. 3 is assumed to be

U(x) = ae−ik(ω)x. (4)

Substituting Eq. 4 in Eq. 3 yields the dispersion relation

k2 − k2
L = 0 (5)

with the two real roots

k1 =−k2 = kL, (6)

where kL is the wave number of the longitudinal wave mode and is given by

kL = ω
√

ρA
EA

. (7)

Finally, by inserting the roots in Eq. 4 the general solution for a finite rod element of length L is given by

U(x) = a1e−ikLx +a2eikLx = e(x,ω)a (8)

with

e(x,ω) =
[
e−ikLx eikLx

]
, a = [a1 a2]

T . (9)

The values of a depend on the spectral nodal displacements of the finite rod element, pictured in Figure 2,

which can be related to the displacement field via

d = [U1 U2]
T = [U(0) U(L)]T . (10)

1U 2U

2N1N ( )N x

L

( ) 'N x EAu=

Figure 2. Sign convention for the rod element.
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Evaluating Eq. 8 at these nodes yields

d = [e(0,ω) e(L,ω)]T a = HR(ω)a (11)

where

HR(ω) =

[
1 1

e+ikLL e−ikLL

]
. (12)

The displacement field in the finite rod element can now be represented in terms of the nodal DOFs by elimi-

nating the constant vector a from Eq. 8 by using Eq. 11

U(x) = NR(x,ω)d (13)

where

NR(x,ω) = e(x,ω)H−1
R (ω) = [NR1 NR2],

NR1(x,ω) = csc(kLL)sin(kL(L− x)), (14)

NR2(x,ω) = csc(kLL)sin(kLx).

The spectral components of the axial force are related to U(x) by

N(x) = EAU ′(x). (15)

The equilibrium condition between the spectral nodal axial forces and the inner forces defined by the strength

of the materials yields

f c(ω) = [N1 N2]
T = [−N(0) +N(L)]T . (16)

Substituting Eq. 13 and Eq. 15 into the right-hand side of Eq. 16 gives

SR(ω)d = f c(ω), (17)

in which SR(ω) is the spectral element matrix for the finite rod element and is given by

SR(ω) =
EA
L

[
SR11 SR12

SR21 SR22

]
= ST

R(ω), (18)

where
SR11 = SR22 = (kLL)cot(kLL),

SR12 = SR21 =−(kLL)csc(kLL).
(19)

2.2 Derivation of the spectral element matrix for a Euler-Bernoulli beam
The partial differential equation of motion for free bending vibration of a Euler-Bernoulli beam is given by

EIw′′′′+ρAẅ = 0, (20)

where w(x, t) is the transverse displacement, E is the Young’s modulus, A is the cross-sectional area, I is the

area moment of inertia and ρ is the mass density. The solution of Eq. 20 is assumed as

w(x, t) =
1

N

N−1

∑
n=0

Wn(x,ωn)e
iωnt . (21)

Substituting the approach of Eq. 21 into equation Eq. 20 yields the eigenvalue problem

EIW ′′′′ −ω2ρAW = 0 (22)
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for each discrete frequency ωn. The general solution of Eq. 22 is assumed to be

W (x) = ae−ik(ω)x. (23)

Substituting Eq. 23 in Eq. 22 yields the dispersion relation

k4 − k4
F = 0 (24)

with two real roots and two imaginary roots

k1 =−k2 = kF , k3 =−k4 = ikF , (25)

where kF is the wave number of the bending wave mode and is given by

kF =
√

ω
(

ρA
EI

)1/4

. (26)

Finally, by inserting the roots in Eq. 23 the general solution for a finite Euler-Bernoulli beam element of length

L is given by

W (x) = a1e−ikF x +a2e−kF x +a3eikF x +a4ekF x = e(x,ω)a (27)

with

e(x,ω) =
[
e−ikF x e−kF x e+ikF x e+kF x

]
, a = [a1 a2 a3 a4]

T . (28)

The values of a depend on the spectral nodal displacements of the finite Euler-Bernoulli beam element, shown

in Figure 3, which can be related to the displacement field via

d = [W1 θ1 W2 θ2]
T = [W (0) θ(0) W (L) θ(L)]T . (29)

L

( )M x
( )Q x ( )Q x1Q 2Q

2M1M

1W 2W

1θ 2θ

( ) ''     ( ) '''M x EIw Q x EIw= = −

Figure 3. Sign convention for the rod element.

Evaluating Eq. 27 at these nodes yields

d =
[
e(0,ω) e′(0,ω) e(L,ω) e′(L,ω)

]T a = HB(ω)a, (30)

where

HB(ω) =

⎡
⎢⎢⎣

1 1 1 1

−ikF −kF ikF kF
e−ikF L e−kF L e+ikF L e+kF L

−ikF e−ikF L −kF e−kF L ikF e+ikF L kF e+kF L

⎤
⎥⎥⎦ . (31)

By eliminating the constant vector a from Eq. 27 by using Eq. 30, we can represent the displacement field in

the finite Euler-Bernoulli beam element in terms of the nodal DOFs with

W (x) = NB(x,ω)d (32)
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where
NB(x,ω) = e(x,ω)H−1

B (ω) = [NB1 NB2 NB3 NB4],

NB1(x,ω) = η−1kF
[

cosx− cos(L− x)coshL− cosLcosh(L− x)

+ coshx+ sin(L− x)sinhL− sinLsinh(L− x)
]
,

NB2(x,ω) = η−1
[− cosh(L− x)sinL+ coshLsin(L− x)+ sinx

− cos(L− x)sinhL+ cosLsinh(L− x)+ sinhx
]
,

NB3(x,ω) = η−1kF
[

cos(L− x)− cosxcoshL− cosLcoshx

+ cosh(L− x)+ sinxsinhL− sinLsinhx
]
,

NB4(x,ω) =−η−1
[− coshxsinL+ coshLsinx+ sin(L− x)

+ cosxsinhL+ cosLsinhx+ sinh(L− x)
]
,

η = 2kF(1− cosLcoshL),

x = kF x, L = kF L.

(33)

The spectral components of the bending moment and transverse shear force are related to W (x) by

Q(x) =−EIW ′′′(x), M(x) = EIW ′′(x). (34)

The equilibrium condition of the spectral nodal transverse shear forces and bending moments with the corre-

sponding forces and moments defined by the strength of the materials yields

f c(ω) = [Q1 M1 Q2 M2]
T = [−Q(0) −M(0) +Q(L) +M(L)]T . (35)

Substituting Eq. 32 and Eq. 34 into the right-hand side of Eq. 35 gives

SB(ω)d = f c(ω), (36)

in which SB(ω) is the spectral element matrix for the finite Euler-Bernoulli beam element and is given by

SB(ω) =
EI
L3

⎡
⎢⎢⎣

SB11 SB12 SB13 SB14

SB12 SB22 SB23 SB24

SB13 SB23 SB33 SB34

SB14 SB24 SB34 SB44

⎤
⎥⎥⎦= ST

B(ω), (37)

where
SB11 = SB33 = ΔBL3

(cosLsinhL+ sinLcoshL),

SB22 = SB44 = ΔBL3k−2
F (−cosLsinhL+ sinLcoshL),

SB12 =−SB34 = ΔBL3k−1
F sinLsinhL,

SB13 =−ΔBL3
(sinL+ sinhL),

SB14 =−SB23 = ΔBL3k−1
F (−cosL+ coshL),

SB24 = ΔBL3k−2
F (−sinL+ sinhL),

ΔB =
1

1− cosLcoshL
,

L = kF L.

(38)

The extended spectral element matrix for the Euler-Bernoulli beam element including longitudinal vibrations can

be obtained by combining the spectral element matrices for the rod and the Euler-Bernoulli beam, yielding a

6×6 element matrix, which is used for the following calculations.
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3 PROBLEM FORMULATION FOR A UNIT-CELL
For an efficient computation using the Spectral Element Method (SEM), an infinitely large structure can be

mapped by a representative unit-cell illustrated in Figure 4. The unit-cell of the undeformed lattice is depicted

in Figure 4a and the unit-cell of the pre-deformed "zig-zag" lattice is shown in Figure 4b. The periodicity of the

structure is accounted for by using the Bloch-Floquet theory. According to the Bloch-Floquet theory, so-called

Γ Χ

Μ
Irreducible Brillouin zone

a.) b.) c.)

2l

1l 1l

Figure 4. Representative unit-cells of the a.) undeformed and b.) the pre-deformed, "zig-zag" shaped, periodic

lattice frame structure. c.) Corresponding irreducible Brillouin zone.

input and output nodes are defined for the unit-cell. A simple 1-D example consisting of 2 spectral elements

is illustrated in Figure 5. The first input node is defined on the left side of the unit-cell with the DOFs

D1, D2, D3 and the corresponding output node is defined on the right side of the unit-cell with the DOFs

D7, D8, D9, respectively. Imposing Bloch-Floquet boundary conditions yields

Di,out = [D7 D8 D9]
T = Di,ineik = [D1 D2 D3]

T eik (39)

and accounts for the periodicity on the right side of the unit-cell. Respectively, the periodicity on the left side

of the unit-cell is considered by

Di,out = [D10 D11 D12]
T = Di,ine−ik = [D4 D5 D6]

T e−ik, (40)

in which k = [kxe1 kye2]
T is the wave vector describing the phase shift of a wave between a unit-cell and it’s

neighboring unit-cells. The wave vector, in turn, consists of the wave numbers in the x− and y−directions, each

multiplied by the associated lattice-tiling vectors e1 and e2. In the 1-D case considered above the lattice-tiling

vector in y−direction vanishes and the wave vector is reduced to a scalar.

D1

D2

D3

D4

D5

D6

D7

D8

D9

D10

D11

D12

A1, I1, E1, 1, l1 A2, I2, E2, 2, l2

Unit-cell
Master node

Slave node

Figure 5. Application of Bloch-Floquet boundary conditions to 1-D unit-cell.

Imposing the boundary conditions reduces the size of the systems spectral matrix from 12×12 to 6×6. Finally,

the dispersion curves of the unit-cell, which describe the vibration and wave propagation characteristics of the

overall structure, can be determined. For this purpose the eigenvalue problem can be written as

Sges(ω,k)D = 0, (41)
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which leads to a transcendental equation. This equation has to be solved for for a certain number of wave

vectors. The relevant wave vectors are defined by the irreducible Brillouin zone in the reciprocal lattice, as

illustrated in Figure 4c. For a more detailed explanation of Bloch-Floquet theory, the Brillouin zone and the

determination of dispersion curves the authors refer to (2, 9, 10).

4 EXAMPLE AND DISCUSSION
For the following example, a unit-cell with the sizes l1 = l2 = 100 mm and the cross-sectional values

A = 15 mm2 and Iy = 10 mm4 is analyzed. Furthermore, the material parameters are set to E = 30000 MPa

and ρ = 3000 kg/m3. The first 8 eigenfrequencies are calculated as functions of the wave vector yielding the

corresponding dispersion curves. Without pre-deformation, the calculation results in dispersion curves with no

band-gaps in the considered frequency range, as shown in Figure 6a. Accordingly, this means that the vibrations

Band-gap: 2087-2943 Hz

a.)

Band-gap: 4338-5898 Hz

b.) c.)

Band-gap: 2087-2939 Hz

Band-gap: 4321-5879 Hz

Figure 6. Dispersion curves of the a.) undeformed lattice, b.) the "zig-zag" lattice calculated by SEM (W =
8 mm) and c.) the "zig-zag" lattice calculated by FEM with 10 finite elements per beam (W = 8 mm).

and elastic waves in the considered frequency range can propagate through the structure. In contrast, in case

of a "zig-zag" shaped pre-deformation of the structure with an amplitude W = 8 mm, the dispersion curves as

shown in Figure 6b exhibit a gap between the 4th and 5th band as well as a gap between the 6th and 7th

band. Consequently, the vibrations and elastic waves with a frequency between 2087 and 2939 Hz, respectively

between 4321 and 5879 Hz, can not

propagate in the structure. Depend-

ing on the amplitude and the shape

of the pre-deformation, the disper-

sion curves as presented in Figure

6b can be further optimized, e.g.

wider or further band-gaps can be

achieved, as shown in (11). The sta-

tionary solution for a lattice consist-

ing of 20× 20 unit-cells, excited by

the frequency f = 4600 Hz, is shown

in Figure 7. It is obvious, that the

propagation of the wave is strongly

attenuated.

The dispersion curves for the same

unit-cell but calculated with FEM, in

which each beam is discretized into

10 finite elements, are shown in 6c.

Figure 7. Stationary solution (by COMSOL) of the displacement field

for a pre-deformed lattice, with an amplitude of W = 8 mm, consisting

of 20×20 unit-cells and an excitation of f = 4600 Hz at the center.
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It is evident, that both methods provide approximately the same results in the considered frequency range.

However, while the SEM provides the exact results the FEM only delivers approximate solutions. The accuracy

of the FEM strongly depends on the number of nodes per wavelength, this leads to an increased computing

time when higher frequency ranges have to be considered.

5 CONCLUSIONS
The properties of a periodic structure can be manipulated by a pre-deformation of the structural elements,

in which the band-gaps can be adjusted by both the amplitude and the shape of the pre-deformation. The

calculation of the corresponding dispersion curves can be done by the Spectral Element Method, which has

the benefit of providing exact results. This is particularly advantageous if higher frequency ranges have to be

considered.
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Abstract
The optimization of multilayered-sound-packaging is a challenging task which involves searching the best/op-
timal settings for a number of acoustic parameters. The search space size becomes too large to handle by brute
force, as the number of those parameters increases. In this study, we apply metaheuristics to configure multi-
layered porous materials for maximizing their overall sound absorption coefficient. The multi-layered system
is composed of a stack of facing screens (i.e. a woven or non-woven textile, a perforated plate) and/or thicker
porous material combinations, chosen from a database of common acoustic materials. Firstly, we consider a two
layered system with a fibrous porous material layer modeled using Delany-Bazley-Miki (DBM) model and a
facing screen modeled by Johnson-Champoux-Allard (JCA) model, and optimize different parameters for maxi-
mizing the sound absorption. Secondly, for multilayered systems with more than two layers, a genetic algorithm
is presented to explore the thickness and acoustical parameters that maximize the sound absorption coefficients
for a frequency range of interest.
Keywords: Metaheuristics, Multilayered porous materials, Genetic algorithms, Sound absorption.

1 INTRODUCTION
In recent years, composite structures have been widely used in aerospace, automobile and construction appli-
cations due to their higher strength to weight ratio. Using composite construction can significantly reduce the
weight and costs in these applications potentially leading to massive reductions in fuel consumption and emis-
sions in the coming decades [1]. In automobile and aerospace composite applications, to ensure passenger
comfort at similar levels as that of metallic structures, acoustic isolation design needs to be enhanced. This
should be so done that the weight saving benefits are retained. Multilayered porous sound packages are com-
monly used to ensure noise levels are in acceptable limits. However, optimally designing these packages is a
challenging task due to the large number of parameters and constraints involved, and often sub-optimal designs
may be chosen for manufacture. Such problems can be tackled by using intelligent alternate metaheuristic opti-
misation techniques to provide near-optimal solutions in reasonable time [2]. Genetic algorithms (GA) make use
of the principles of natural evolution such as, selection pressure, cross-over, and mutation to perform optimisa-
tion. After they were introduced by J. H. Holland [3] in the 1960s, they have become a widely used method for
optimisation across many fields [4]. A few studies are available on the performance of metaheuristics on porous
sound packaging optimisation. Tanneau et al. have used a GA for optimising transmission loss in aeronautical
fuselage application [5]. Lind-Nordgren et al. [6] presented an optimisation of multilayered systems with Biot’s
finite element model for porous materials [7, 8, 9] by using scaling laws to link micro and macro properties.
They show that the cost function landscapes have finite minima and also note that the optimisation greatly
depends on the cost function. They use the method of moving asymptotes (MMA) [10] to optimise specific
problem cases and have reported the optima. In this article, we give a note on the objective function land-
scape across different parameters of multilayered sound absorption problems modeled using a transfer matrix
method (TMM) and finite-size transfer matrix method (FTMM) solver for specific absorption problem cases,
and some applications of different metaheuristic techniques such as local search and GA on these problems.
Successful heuristics for solving sound absorption optimisation problems could also be exploited for solving
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Figure 1. Two layered sound absorption system with a fibrous porous material and a facing screen.

sound transmission loss problems.

2 TWO LAYERED POROUS AND SCREEN
Consider a two layered sound absorption system with a woven or non-woven textile or a perforated plate for
the first layer and a thick fibrous-porous material for the second layer backed by a rigid impervious wall as
shown in the Figure 1. This type of system is commonly used in noise absorption packages. In order to effi-
ciently optimize the acoustic performance of this two layered system, it is necessary to understand the objective
function landscape before a suitable heuristic can be chosen.

2.1 Modeling the fibrous-porous layer
To model the fibrous layer, a Delany-Bazley-Miki model [11] was considered. The model describes a given
porous material with the equations 1 and 2 for the characteristic impedance Z and wave number k.

Z = ρ0c0

[
1+5.50

(
103 f

σ f

)−0.632

− j8.43
(

103 f
σ f

)−0.632
]

(1)

k =
2π f
c0

[
1+7.81

(
103 f

σ f

)−0.618

− j11.41
(

103 f
σ f

)−0.618
]

(2)

In the above equations, f is the frequency in Hz, σ f is the static airflow resistivity of the fibrous layer in
N·s·m−4, ρ0 is the density of air, c0 is the speed of sound in air and j =

√
−1. The properties of air computed

at T = 20◦C were considered in all the following calculations. The surface impedance (ZM1) at the leading face
of the fibrous layer is then found for the oblique incidence scenario using equation 3.

ZM1 =
− jZk

k3tan(k3t f )
(3)

In the equation, t f is the thickness of the fibrous layer and k3 is the oblique wave number calculated from

k3 =
√

k2−
( 2π f sin(θ)

c0

)2, where θ is the angle of oblique incidence.

2.2 Modeling the screen
We consider the procedure for modeling facing screens from [12, 13] as briefed below. TMM with the complete
Johnson-Champoux-Allard model [14, 15, 16] was used to describe the fibrous porous layer. In this case, the
equation 4 was used to compute the dynamic mass density of the screen (ρ̃cs) and the equation 5 was used to
compute its dynamic bulk modulus (K̃cs).

ρ̃cs(ω) =
α∞ρ0

φs

[
1− j

σsφs

ωρ0α∞

√
1+ j

4α2
∞ηρ0ω

σ2
s Λ′2s φ 2

]
(4)
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K̃cs(ω) =
γP0/φs

γ− (γ−1)

1− j
8η

Λ′2s Cpρ0ω

√
1+ j

Λ′2s Cpρ0ω

16η

−1 (5)

Here, γ is the adiabatic index for air, P0 is the atmospheric pressure, η is the dynamic viscosity of air, ω is
the angular frequency equal to 2π f , Cp is the specific heat of air at constant pressure and φs is the porosity of
the screen. We compute α∞ from the equation 6.

α∞ = 1+2
ε

ts
where ε =

(
1−1.13ξ −0.09ξ

2 +0.27ξ
3
) 8r

3π
and ξ = 2

√
φs

π
(6)

ε is the corrected length accounting for flow distortions near the screen perforations and Λ′s = r. The value

of r is computed from the relation r =
√

8η

σsφs
. Here, σs is the static air flow resistivity of the screen. Now,

the equivalent characteristic impedance for the screen (Zcs) and equivalent wave number (kcs) may be computed

from the relations Zcs =

√
ρ̃csK̃cs and kcs = ω

√
ρ̃cs
K̃cs

.

For the two layered system, the surface impedance Zs can be computed from equation 7.

Zs = Zcs
− jZM1 +Zcs tan(kcsts)
ZM1 tan(kcsts)− jZcs

(7)

Here, ts is the thickness of the screen. To find the absorption, we use the formula for oblique incidence using
the expression 8.

α(ω) = 1−

∣∣∣∣∣Zs(ω)− ρ0c0
sin(θ)

Zs(ω)+ ρ0c0
sin(θ)

∣∣∣∣∣ (8)

2.3 Two parameter optimisation
We consider a test study where the objective function αrms is maximized for different values of σs and σ f
while keeping the other parameters unchanged as stated in the equation 9.

max
σs,σ f

αrms =

√
ΣN

i=1[α( fi)]2

N

 (9)

For this, the thickness of the fibrous-porous layer was set to 20 mm, the thickness of the facing screen to
0.5 mm, and the porosity of the screen to 0.04 and 0.90 (in two separate cases). The absorption coefficients
have been computed here for an oblique incidence of angle 34◦ (chosen arbitrarily for illustration purposes)
for frequencies from 20 Hz to 5000 Hz in linear steps of 20 Hz. The landscape of the objective function was
found to be unimodal or plateau-like in these two parameters as seen in the Figure 2. It is thus noted that
a suitable local search heuristic [17] may be used for optimisation. The local search heuristics can be used
solely or in conjunction with other metaheuristic methods as they exploit the neighbourhood of good solutions
to improvements during optimisation.
The best αrms obtained using hill climbing for fixed parameters, φs = 90%, t f = 20 mm, ts = 0.5 mm, at an
oblique incidence angle of 34◦ is 0.846 and it occurs at: σs = 19700 N·s·m−4 and σ f = 49000 N·s·m−4.

2.4 Three parameter optimisation
The optimisation is extended to include the porosity of the screen φs as given in equation 10. When the
objective function (αrms) landscapes are plotted versus σ f and σs similar to Figure 2 for various values of φs, it
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Figure 2. Absorption landscape for two layered: porous material and screen, over resistivities σs and σ f for
φs = 0.04 (left) and φs = 0.90 (right) for fixed parameters t f = 20 mm, ts = 0.5 mm, at an oblique incidence
angle of 34◦.

Figure 3. Three layered sound absorption system.

was observed that the landscapes grossly increased upto a certain φs, and then decrease, indicating the presence
of an optimum over this parameter. Another observation was that the presense of finite modes or plateau-like
nature of the landscape was retained when tuning the parameter φs.

max
σs,σ f ,φs

αrms =

√
ΣN

i=1[α( fi)]2

N

 (10)

For the three parameter problem, the optimum of αrms occured at a porosity of the screen value of φs = 52%,
at σs = 1 N·s·m−4 and σ f = 71100 N·s·m−4 (rounded to the nearest 100). The objective function value was
αrms = 0.862 at the optimum. It is noted that σs = 1 N·s·m−4 was the lower bound for that parameter in the
optimisation. This means that, for the studied configuration, not using a screen is better in terms of absorption,
an expected result, as the purpose of the screen is to protect the porous layer.

3 MULTI-LAYERED SOUND PACKAGE OPTIMISATION
In this section, multilayered porous packages with three or more layers are considered. For the test studies, we
will ignore non-porous/impervious materials and consider only those which have open-porosities for the layers.
To ensure that non physical parameter combinations are avoided, a material database of 32 common porous
sound package materials is adopted. For assessing the performance of different metaheuristics in finding near
optimal sound packages, we make use of the AlphaCell solver, which computes the acoustic properties for
multilayered porous materials using TMM and FTMM, for evaluating the objective function.
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A genetic algorithm for three or more layered sound package:
A steady state GA for the multilayered absorption problem with diffuse field is described and their results are
discussed. This can be extended easily to sound transmission problems, or problems with other sound excitations
(airborne or structure borne) or other phenomenological models for the system components. In a steady state
GA, replacement of the offspring into the population is done after every crossover operation.

Problem Representation: Although the acoustic parameters such as thicknesses can be real valued and contin-
uous, sub-millimetre differences in thickness neither corresponds to a significant difference in acoustic properties
nor is it practical to ascertain in manufacturing the layer. Here, a discrete valued representation is proposed for
thickness and other parameters, as this would reduce the search space from infinity to a finite number of con-
figurations. As an illustration, a three layer system like shown in Figure 3 is considered with only the thickness
parameters optimised while the other parameters are fixed. The chromosome (representation of a multilayered
configuration) will be an array of 6 integers such as [10 6 15 20 20 20], where the first three integers represent
the material choice from the database of common materials and the last three integers represent allowed dis-
crete thicknesses or simply thicknesses in millimeters. Each combination of these 6 integers will be a different
multilayered configuration. Each combination of these 6 integers will be a different multilayered configuration.
The following system gives how the chromosome integers represent the material choices:

1. The material which faces the incident wave will be chosen by the first integer. This can be any material
except for air and hence it can take values from 1 to Nm−1, where Nm is the number of materials in the
database.

2. The second material can now be air but it should not be the same as the first material. Hence, the second
integer, selecting the second material, can also can take an integer value between 1 and Nm− 1, though
now from a slightly different set.

3. Each subsequent layer can similarly have any material which is not the same as the previous layer and
thus, the corresponding integers can take integer values between 1 and Nm−1. This is done until the last
layer.

This representation inherently avoids using the same materials in adjacent layers. For thickness parameters, the
corresponding integers of the chromosome are simply used as thicknesses in millimeters.

Initialization: Initial population (group of multilayered configurations) is generated randomly using a pseudo
random number generator. The seed is chosen arbitrarily but then fixed, so that the GA experiments are repeat-
able.

Selection: In order to enforce a selection pressure for the evolution, a tournament selection was used with
a tour size of 2. To implement tournament selection, two individuals (multilayered configurations) are ran-
domly chosen from the initial population, and the individual with better fitness is chosen as the first parent for
crossover (p1). Then, two new individuals are randomly chosen again from the initial population and the one
with better fitness will be the other parent for crossover (p2). The tournament selection is repeated in successive
generations to choose parents for cross-over.

Crossover: A uniform crossover is applied to the two chosen parents from tournament selection. Every integer
from the parent chromosome is flipped with a probability of 0.5. The two new chromosomes so produced will
be the offspring which represent two new multilayered configurations which have characteristics from both the
parent configurations.
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Mutation: Mutation is performed on the offspring of crossover and a mutation probability of 1/(chromosome
length) is used for each integer in the chromosome. The mutated offspring (o1 and o2) will then be used to
evaluate the objective function which is αrms using the TMM solver.

Replacement and elitism: The two mutated offspring (o1 and o2) from a crossover operation and the two
parents (p1 and p2) which produced them are pooled, and the best two of these in terms of fitness (b1 and b2)
are chosen to replace the members in the population. Two elitist schemes, strong elitism and weak elitism, are
implemented and compared on the multilayered absorption problem under diffuse sound field. In strong elitism,
the two best individuals from the parent-offspring pool (b1 and b2) will replace the two weakest members of the
population (w1 and w2) in terms of their objective function value. Whereas, in weak elitism, the two selected
individuals from the parent-offspring pool will replace the two parents (p1 and p2).

Results: The best fitnesses obtained from single trials of GA for strong and weak elitism were 0.887 and
0.889 respectively. But, it would not be appropriate to conclude weak elitism is better than strong elitism from
this single trial. In order to compare the performance of strong and weak elitism, the evolution of average of
best fitnesses across generations is plotted for 30 GA trials in Figure 4. The initial population size was 10 and
the same initial random number seed was used for initializing strong and weak elitism trials essentially starting
from the same initial population. We find that strong elitism in fact slightly converges faster on this problem
instance. For a total thickness constraint of 60 mm, the configuration with the highest sound absorption (diffuse
sound field) found from the trials, optimising only for the thicknesses and the material choice, is reported in
Table 1. In the table, the layering order is from the material next to the rigid wall to the material facing the
acoustic wave.

Table 1: The best configuration found for a total thickness constraint of 60 mm, with αrms = 0.919

Material Model t φ σ Λ Λ′ α∞ k′0 α0 α ′0
(mm) (N·s·m−4) (µm) (µm) (10−10 m2)

Rockwool JCAL 19 0.95 120000 12 20 1.08 10 - -
Glasswool JCA 23 0.99 20000 26 135 1.11 - - -
FoamR1 JCAPL 18 0.9 7000 129 440 1.12 83 1.22 1.13

4 CONCLUSIONS
A two layered porous and screen sound absorption system backed by a rigid impervious wall was characterized
using DBM and JCA models, and the absorption performance landscape was presented. A hill climbing heuristic
was applied and the optimum parameters are reported for a specific problem case. A steady state genetic
algorithm based procedure was outlined for multilayer systems, using a TMM and FTMM solver to compute the
acoustic indicators. An example of a three layered porous system was optimised. Also, a strong elitism seemed
to converge slightly faster than weak elitism over 30 trials. On studying the landscape further over different
thickness configuration for the same material configuration, the variation of the absorption performance was
smooth, continuous, with finite modes and plateaus. This study will be extended further and the effectiveness of
the proposed approaches will be evaluated on more complicated problems to include more layers and materials,
to obtain optimal multilayered sound packaging.
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ABSTRACT
It's crucial to simulate the acoustic detection effect timely and accurately between any two positions in the 
complex undersea environment in a real-time simulation platform. A numerical analysis method of sound ray 
propagating in complex undersea environment based on the eikonal equation, non-coplanar sound ray and 
sound velocity gradient vector is presented in this paper. The total undersea concerned information under 
certain accuracy requirement can be obtained in the algorithm. The multidimensional sound pressure array is 
established to simulate the whole sound space. The calculated amount for the real-time simulation of the 
acoustic detection effect is decreased from O (mnu) by the traditional eigenray solution to O (1) (m is the 
number of the non-layered structures, n is the grid quantity of the local layered structure, u is the number of 
the iterations in Newton method or Runger Kutta method). The real-time capability is highly improved by 
the method mentioned above. By comparison, the results of the simulation and the marine measurement are 
in good agreement. The concept of detection sensitivity is proposed to quantitatively describe the relationship
among marine environment, detectors and sound sources. The concept can give good expression of the 
relationship among the three factors
Keywords: simulation algorithm, non-coplanar, sound ray, sound velocity gradient vector, steady-state sound 
field matrix, detection sensitivity

1. INTRODUCTION
The real-time simulation for the detection in seawater becomes more widely applied in different 

fields (1-3). It is the key technology to obtain the interaction among the units in time and accurately 
under a complex ocean environment in the simulation platform. Underwater acoustic detection 
simulation plays an important role in different physical fields. It is crucial to calculate the underwater 
acoustic attenuation rapidly among positions in the ocean model on the platform.

The basic method to calculate the acoustic propagation under water is by wave equation. All other 
methods are derived from the wave equation method and make simplification and approximation in 
some aspects. The wave equation method has a high precision compared with other methods, while 
much more calculation time is paid. The slow computation speed limits the wave equation to be used
in a real-time simulation platform (4).

The ray-based method provides higher calculation speed. The traditional "shooting method" 
acquires huge computational cost to get the eigenray. More error accumulated in the long range shows 
the "shooting method" is not an ideal method. The ray-span algorithm is accepted with higher speed
to calculate the eigenray (5). While it is just suitable for the layered ocean, but not for the complex 
undersea environment. In most of the researches, the sound ray propagates in a certain plane with a
fixed bearing angle. Such situation is far from the real complex ocean environment (6, 7).

A numerical analysis method of sound ray propagation with non-coplanar sound velocity gradient 
vector in complex undersea environment is presented in this paper. A steady-state sound field is 
established by the ray-tracing method without the conception of eigenray. The concerned undersea 
information to meet certain accuracy requirement and the sound relationship between any two points 
can be obtained by the algorithm. Compared between the test and the calculation, the results coincide 
with each other well. The validity of the algorithm is approved.

The concept of detection sensitivity is proposed to quantitatively describe the relationship

1 mrsuo@163.com
2 1109402164@qq.com
3 oldcandy@163.com
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among marine environment, detectors and sound sources. The concept can give good expression 
of the relationship among the three factors by comparing the results of the real-time simulation for
operation units in marine environment and the practical measurement.

2. NUMERICAL ANALYSIS METHOD OF SOUND RAY PROPAGATION IN 
COMPLEX UNDERSEA ENVIRONMENT BASED ON NON-COPLANAR SOUND 
RAY AND SOUND VELOCITY GRADIENT VECTOR

The medium is non-layered structure, and the seafloor is not flat in a complex undersea 
environment. The non-layered structure leads to the sound velocity gradient vector non-coplanar with 
the vertical axis. The fact of non-coplanar should be considered in the derivation process of the eikonal 
equation.

Non-coplanar sound ray and sound velocity gradient vector are shown in Figure 1.

H

F

g

s

 
Figure 1 – Sketch of the non-coplanar sound ray and sound velocity gradient vector

s is the sound ray vector. H is the plane that the sound ray lies in. g is the sound velocity gradient 
vector which is non-coplanar with the sound ray vector.

The eikonal equation deduced from Helmholtz equation is
2

2

1=
( , )c z r (1)

z is the depth. r is the horizontal distance. c(z, r) is the sound velocity at (z, r). is the travel time.
is perpendicular to the wave front. Then the sound track equation can be defined as a 

differential equation,

d = ( )
d
r c s
s

(2)

s is the arc length of the sound ray
Since the sound velocity gradient vector is not in the plane of the depth and the horizontal distance, 

the sound track equation in the plane of the depth and the horizontal distance is

2

d 1 d 1= ( , )
d ( , ) d ( , )

r c z r
s c z r s c z r (3)

The quantity of ( , )c z r is different from that of the sound velocity gradient here because the sound 
velocity gradient vector is non-coplanar with the sound ray vector. Replaced by the sound velocity 
gradient, Equation (3) in the sound ray plane can be expressed as follows

2

d 1 d 1= cos cos tan 1
d ( , ) d ( , )

r g
s c z r s c z r (4)

g is the sound velocity gradient vector. is the angle between the sound velocity gradient vector 
and the sound ray propagation plane. is the angle between the sound ray vector and the vertical 
axis. is the angle between the vertical axis and the projection of the sound velocity gradient on the 
plane of the sound ray.

The travel time of the sound ray track is deduced from the eikonal equation.
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The sound ray track and the sound travel time can be deduced by solving Equation (4), (5) through 
the numerical analysis method.

Thus, the sound ray track and the sound travel time at any transmission angle can be deduced by 
the method mentioned above.

3. SOUND RAY TRACK IN STEADY-STATE SOUND FIELD

3.1 Sound field matrix
A receiving ball should be established in the traditional sound ray track method to acquire certain 

point's information by the eigenrays. Simulation error is influenced by the radius of the receiving ball. 
The technology of sound ray track in steady-state sound field simulates the sound field distribution 
without the receiving ball.

One sound ray represents a part of the total power of the sound source

( , ) ( , )PP
N (6)

P is the total power of the sound source. N is the number of the sound rays. , are the glancing 
angle and the azimuthal angle of the sound rays, respectively. ( , ) is the directivity index of the 
sound rays.

A set of 3D energy array can be established for a determinate sound space. The energy distribution 
can be imitated by a 3D array at certain accuracy requirement. The sound pressure level normalized
sound source's influence on other units can be calculated in the matrix. The transfer functions and the 
travel time among different units are stored in the energy matrix. The factors independent of 
frequencies are stored, such as the seafloor reflection angle, sediments, etc. The further information 
(reflection attenuation, absorption attenuation, etc.) is calculated later by considering the sound 
frequency. In real-time simulation, many data can be read from the matrix directly with little
computation.

The key point of the algorithm above is to rapidly calculate the sound intensity attenuation on a 
certain sound track.

3.2 Calculation of travel time
Literature (8) gives the eikonal Equation (1)'s expression approximated at high frequency in 

complex medium as below,
22 2

2

1+ + =
( , , )

t t t
x y z c x y z

(7)

t is the wavefront travel time. c(x, y, z) is the sound velocity at (x, y, z). Discretizing the 3D 
complex ocean medium and using the second order difference equation

, , 1, , 2, ,3 4
=

2
i j k i j k i j kt t tt

x x
(8)

Equation (7) can be approximately expressed as
2

2 2 2

, , 1, , 2, , , , , 1, , 2, , , , , 1 , , 2
, ,

23 4 + 3 4 + 3 4i j k i j k i j k i j k i j k i j k i j k i j k i j k
i j k

xt t t t t t t t t
c

(9)

i, j, k are the discretized grid numbers along x, y, z axis, respectively. The side length of discretized 
cubic grid is x . If 1, ,i j kt , 2, ,i j kt , , 1,i j kt , , 2,i j kt , , , 1i j kt , , , 2i j kt are known, the unknown wavefront travel 
time , ,i j kt can be obtained from Equation (9).

The wavefront travel time at the adjacent nodes can be calculated by the discretized eikonal 
equation as Equation (9) from the sound source through GMM (Group Marching Method) (9).

The connection line between the adjacent nodes in the frontwave narrowband S tends to be 
perpendicular to the normal of the frontwave if the difference between the frontwave travel time of 
the adjacent nodes is smaller than below,
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max3s
S

xt
v (10)

maxSv is the maximum sound velocity of the nodes in the frontwave narrowband. The secondary 
sound sources in the frontwave narrowband are

,min, , : , , S sR i j k S t i j k t t (11)

,minSt is the minimum frontwave travel time in S.
Under the condition to keep the causality of the travel time, several secondary sound sources are 

determined to extend the frontwave. The travel time of all the nodes can be deduced more efficiently.
The sound attenuation between any points in the ocean model can be calculated by the travel time.

3.3 Calculation of sound velocity
The sound velocity of each node is the basic information to calculate the travel time. The data of 

sound velocity is usually scarce in the ocean test region, which is hard to describe each node's 
information. It is necessary to calculate each node's sound velocity according to the measured data to 
fulfil the deduction in Section 3.2.

, ,s x y z is a point in the ocean model. Four points named 0 0 0 0, ,s x y z , 1 1 1 1, ,s x y z , 2 2 2 2, ,s x y z , 3 3 3 3, ,s x y z

are selected which are the nearest points to s. If 3 0-c s s is coplanar with 1 0-a s s 2 0-b s s , another 
point is reselected as 3s to make the three vectors non-coplanar.

p, q, k are the undetermined coefficients. According to the relationship of perpendicular vectors, 
certain p, q, k can be solved to satisfy

0

0

0

a b d kc

c a d qb

b c d pa

(12)

0d s s .
So

, ,
b c d c a d a b d

p q k
b c a c a b a b c

(13)

The relationship of the coefficient k and other elements is shown as below.

1s

2s

0s

3s

s

a

b

c

d

a
b

kc

d kc

 
Fig 2 - Relationship of sound velocity data points, undetermined coefficient and point to be 

solved
0v 1v 2v 3v are the sound velocities at 0s 1s 2s 3s , respectively. The vector of the sound 

velocity difference sv between s and 0s 1s 2s 3s is

1 0 2 0 3 0s
pa qb kcv v v v v v v
a b c (14)

Then, the sound velocity at s is
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0
s

s
v dv v
d (15)

Through the above algorithm, the sound velocity at any point in the ocean can be calculated from 
the given data.

4. REAL-TIME SIMULATION IN COMPLEX UNDERSEA ENVIRONMENT
10000m×10000m×4000m ocean model is established based on the 3D sound velocity profile tested 

in the seawater. The seafloor is half-space and liquid model. The basic parameters of the sediments
are shown as below.

Table 1 - Basic parameters of sediments
Type Coarse sand Silt Slime

Density/g·cm-3 2.034 1.806 1.469
Sound velocity/m·s-1 1836 1668 1546

Attenuation coefficient/dB· -1 0.479 0.692 0.095

Figure 3 shows the sound velocity profiles at 2000m, 4000m, 6000m, 8000m (x, y directions), 
respectively. Different sound velocity profiles and complex ocean structure are shown in the figure 
because of the different properties in different water bodies. The simulated sound ray tracks are shown 
in Figure 4.

             

The sound ray tracks are not kept in the initial direction and shuttle in different planes.
The travel time, the sound ray intensities and the reflection angles of the eigenray between any two 

points can be calculated by the platform. We can get the sound level at certain point if we consider 
the particular frequency, shown in Table 2.

Table 2 - Acoustic parameters of points calculated from (2000, 2000, 200) m
No. x/m y/m z/m Travel time/s Sound level attenuation/dB

1 3000 3000 200 1.016 63.5
2 4000 4000 300 2.075 69.8
3 5000 5000 400 3.199 73.2
4 6000 6000 200 4.072 75.9
5 7000 7000 300 5.185 77.8
6 8000 8000 400 6.336 79.6

5. CALCULATED AMOUNTS OF DIFFERENT ALGORITHMS
The calculated amounts cannot be compared accurately for the different approaches of the different 

algorithms. While the calculated amounts can be compared qualitatively from each algorithm's 
principle.

The traditional eigenray algorithm uses Newton method or Runger Kutta method to solve the eigen 
equation. It only can be used in each local layered structure. The calculated amount of this method is 
related to the number of the non-layered structures, which can be expressed as O (mnu). m is the 
number of the non-layered structures. n is the grid quantity of the local layered structure. u is the 
number of the iterations in Newton method or Runger Kutta method.

In the real-time simulation, the information of certain points is extracted directly from the energy 

Figure 3 - Sound velocity profiles at 2000m, 
4000m, 6000m, 8000m (x, y directions)

Figure 4 - Simulated sound ray tracks 
between two points in the ocean model
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matrix by the sound ray track technology in steady-state sound field. The sound level attenuation can 
be deduced by the information of the sound frequency, without other information, such as the number 
of the non-layered structures, the grid quantity of the local layered structure and the process of solving 
the eigen equation, etc. So the calculated amount of this method is deemed to be O (1).

The two series of the different methods' calculation time are shown below. The CPU main 
frequency is 2GHz. The operation system is Windows 7. The sound level attenuation from (2000, 
2000, 200) m to (6000, 6000, 400) m is investigated in the 10000m×10000m×4000m 3D ocean model. 
The sound velocity profiles are listed in Fig.3. Different densities of the discrete grids are used.

Figure 5 - Relationship of CPU time and quantity of sound velocity zone
Figure 5 shows that the CPU time of the steady-state sound field matrix method is much shorter 

than that of the eigenray method.

6. DETECTION SENSITIVITY
The strength of the acoustic signal detected by the acoustic detection device has a strong correlation   

with the location of the detection device itself. It can be seen from Equation (1), (2), (3), (4) that the 
range of the acoustic attenuation is strongly influenced by the sound ray direction. The change of the 
sound attenuation along the sound ray is mainly caused by the change of the structure of the sound 
ray along the propagation direction, while the change of the sound attenuation perpendicular to the 
sound ray is mainly caused by the change of the structure of the sound ray paralleled to the sound ray.

According to the analysis above, the definition of the detection sensitivity between the acoustic 
attenuation and the sound speed profile at a typical position is proposed as a specific value, or a
derivative, which is related to the normalized dependent variable, such as signal strengths/detection 
distance, etc., and the normalized independent variable, such as sound velocity profiles.

“Normalized” means changing the amount of the variable in proportion within the value range.
Under the condition of different sound velocity profile, the properties of the detection sensitivity

are as follows:
(1)Under the condition of 0 gradient of sound velocity profile, sensitivity is 0 in both horizontal 

and vertical direction.
(2)Under the condition of positive gradient of sound velocity profile, the sound ray derived from 

the sound source become an upward spiral. With the increase of gradient, the curvature of the wave 
crest envelope line becomes higher, so as the absolute value of the detection sensitivity.

(3)Under the condition of negative gradient of sound velocity profile, the sound ray derived from 
the sound source become a downward spiral. With the increase of gradient, the curvature of the wave 
crest envelope line becomes higher, so as the absolute value of the detection sensitivity.

7. COMPARISON OF SIMULATION AND TEST

7.1 Analysis of practical measurement results
The test was carried out in South China Sea in July, 2016. The average depth of the test area is 

about 3170m. 64 effective hydrophones were deployed from 30m to 1000m in the vertical direction 
of the ocean. The testing ship transmitted 10s linear frequency modulated signal (center frequency 1
kHz, bandwidth 100Hz). The depth profile of the test area is shown in Figure 6. The depth fluctuated 
with the distance.
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The depth of the deep sound channel is about 1050m. The sound velocity profile above 1000m 
obtained from the test. The profile below 1000m is from a database. The sediments thickness in the 
double-layered liquid seafloor is 120m. The other parameters are listed in Table 1.

The sound attenuations got by the test and the simulation from the sound source to different 
positions are shown in Figure 7.

Figure 7 shows that the trend of the simulation is consistent with that of the test. The relative 
difference between them gets bigger with the crosswise distance growth because the testing distance 
is within the middle range of the convergence region. The relative difference grows up and the sound 
intensity gets weaker when the distance close to the middle range of the convergence region. The 
average error of the sound attenuation is within 3dB by the sound ray track technology in steady-state 
sound field.

Overall, the sound velocity profiles of the test area in this paper are relatively stable and show 
obvious regularity. More fluctuated sound velocity profiles may cause higher uncertainty and bigger 
error of the sound attenuation in the algorithm.

7.2 Analysis of detection sensitivity results
According to the test results of acoustic attenuation, combining with the information of the 

different parts of the sound velocity profile, the relationship of variable quantities of the normalized
velocity gradients and those of the detection sensitivities is shown as below.

Figure 8 - Relationship of variable quantities of normalized velocity gradients and normalized 
detection sensitivities

The relationship mentioned above shows that the normalized detection sensitivity is higher when 
the variable quantity of the normalized sound velocity gradient is closer to 0 (negative gradient area 
here). The normalized detection sensitivity tends to the minimum when the variable quantity of the
normalized sound velocity gradient is closer to 0.64 (sound velocity gradient close to 0).  The degree 
of the acoustic attenuation change gets lower. When the velocity gradient is positive, the value of the 
detection sensitivity will grow higher.

Figure 6 - Depth profile of test area Figure 7 - Sound attenuations got by test and 

simulation
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8. CONCLUSIONS
A numerical analysis method of sound ray propagation in complex undersea environment based on 

non-coplanar sound ray and sound velocity gradient vector is presented in this paper. The travel time 
from the sound source to any concerned position can be calculated through GMM, derived from the 
sound velocity calculated by the sound velocity gradient vector algorithm proposed in this paper. The 
sound level attenuation can be further deduced by the sound travel time. The results calculated from 
the algorithm well fit the data of the test. The algorithm can be well applied in the real-time simulation 
of the detection in seawater. The quantitative relationship between physical quantities is well 
described by normalized detection sensitivity according to the results of acoustic attenuation test.
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ABSTRACT 
The local boundary integral equation (LBIE) method has been introduced approximately three-decades ago, 
and has been successfully used in engineering problems such as elasticity, acoustics and electrodynamics. 
The method is based on writing the local weak form of the governing equation. If an appropriate form of 
the Green’s function can be found considering the governing equation in subdomains, the local integral 
equation may have a convenient form, e.g. without domain integrals or the flux term on the subdomain 
boundaries. Considering the application of the methods to acoustic problems, four different test functions 
have been employed so far in the literature. All of the resulting formulations contain domain integrals. In 
this paper, we present a new form of Green’s function to be used in LBIE method for acoustic calculations, 
which yields a simple form of the local integral equation without domain integrals. This feature provides 
significant improvement in terms of the computational time (CPU) requirements. The efficiency and the 
accuracy of the new method are presented and compared with a Finite Element Method. 
 
Keywords: Meshless methods, local boundary integral 
 

1. INTRODUCTION 
The local boundary integral equation (LBIE) method [1, 2, 3, 4, 5] has been introduced about three 

decades ago as a robust numerical method for engineering problems; it is one of the version of the 
meshless local Petrov-Galerkin method [6]. The method is based on writing the local weak form in 
spherical subdomains (which may be overlapping) and applying the divergence theorem. The resultant 
local boundary and/or domain integrals are numerically discretized. The field variable needs to be 
approximated at the numerical integration points using some kind of interpolation technique. The 
Moving Least Squares (MLS) approximation has been employed for this purpose in majority of the 
studies [1, 2, 3, 4, 5, 6, 7, 8], whereas the Radial Basis Function (RBF) interpolation technique has also 
been used in some other works [9, 10, 11, 12, 13, 14].  

 
The MLPG and LBIE methods have been applied to wave propagation problems in Refs. [2, 3, 4, 5, 7, 

8, 9, 10, 11, 12], in order to solve for the Helmholtz equation. In Ref. [7] the Gaussian weight function was 
used as the test function. Ref. [8] used the Heaviside step function as the test function. Refs. [3, 2, 4, 9, 10] 
employed the modified fundamental solution of the Laplace equation as the test function to the Helmholtz 
equation. Refs. [5, 11, 12] applied the modified fundamental solution of the Helmholtz equation as the test 
function. The final form of the local integrals in all of these studies [2-5, 7-12] contain domain integrals.  

 
In Ref. [15], we have reconsidered the derivation of an appropriate test function to be used in the weak 

form in meshless methods. Explicitly, we have derived the unique solution of the Dirichlet’s boundary 
value problem in the local spherical subdomain with zero boundary condition value. The derived function is 
a special form of the Green’s function (tailored Green’s function) which satisfies the objective of 
eliminating the domain integrals and the flux term from the local integral equation. As a result, a new form 
of the LBIE method has been established, which has improved features compared to the ones mentioned 
above.  

                                                        
1 hdogan@beuth-hochschule.de, ochmann@beuth-hochschule.de 
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2. FORMULATIONS 
We consider the Helmholtz equation 

  (1) 

where p is the acoustic pressure and  is the wavenumber. The domain  is enclosed by  
with the boundary conditions  

 

 

 (2) 

where  is the prescribed acoustic pressure on the essential boundary ,  is the prescribed potential 
flux on the boundary , and  is the outward normal vector on . 

In the traditional boundary element method (BEM), a weak formulation of the problem is formed in the 
global solution domain  using the free space Green’s function. In the LBIE, it is assumed that the 
governing equation holds for any local subdomain and a set of  spherical subdomains are distributed in 
the domain  and on the boundary . The centers of the subdomains are called as source nodes where the 
volumes in  for each node are denoted as , such that . The radius of each subdomain is 
denoted as . The surface (boundary) enclosing each interior subdomain is defined as . When 
the source node lies on the global boundary , the subdomain does not take the shape of a full sphere 
anymore. Instead, a half sphere or a slice of a sphere is formed depending on the shape of the global 
boundary. For such cases, we set  to denote the part of the subdomain boundary which intersects the 
global boundary . For instance, for the subdomains which lie on , we have , where 

 and  (Fig. 1). The following weak formulation can be written for each local subdomain.  

  (3) 

An appropriate test function G should be used for Eq. (3). As mentioned in the Introduction, the previous 
meshless methods have employed different types of test functions, such as the Heaviside step function, the 
Gaussian weight function, the modified fundamental solution of the Laplace equation or the modified 
fundamental solution of the Helmholtz equation. In Ref. [15], a new test function has been derived which is 
the unique solution of the Dirichlet’s problem for a spherical subdomain with the boundary value zero. The 
derived test function is given explicitly as: 

 (4) 

Using the tailored Green’s function (4) in Eq. (3), and applying integration by parts, we obtain the integral    

  (5) 

for local subdomains which lie fully inside the domain. 
  

When the source point y lies on the global boundary, the subdomains are taken as a part of the sphere 
(e.g. half sphere). In this case,  denotes the boundary which lies within the global volume ,  
indicates the boundary which intersects with . The source point (center of the local subdomain) lies on 

, i.e. . The local integral equation for the boundary nodes takes the form:  

  (6) 

where  is a parameter analogous to the geometric coefficient in the BEM, which is given here as 
 

  (7)  

Eqns. (5) and (6) need to be numerically calculated. This requires, first, the discretization of the boundary 
integrals in these equations and then the interpolation of the unknown p at the discretization points. Unlike 
the boundary element method, there is no need to use elements to discretize the surface integral in the LBIE 
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method. The details of the quadrature and interpolation methods in the current meshless method can be 
found in detail in Ref. [15].  

 

 
Figure 1 – The sketch of the spherical local subdomains , and the enclosing surfaces . For the 

subdomains on the global boundary,  defines the surface which intersects with the global boundary  
(the filled blue area). 

 

3. NUMERICAL EXAMPLES 
In this section, the numerical examples will be shown in order to demonstrate the efficiency and the 
accuracy of the new method. The problem domain is chosen as a rectangular cuboid filled with air. The 
density of air is taken as  kg/m3 and the speed of sound in air is taken as  m/s.  
 
In the simulations, the nodes are distributed uniformly in the domain with spacing  between two adjacent 
nodes. The boundary integrals were calculated numerically using  neighbor nodes in the radial 
basis function interpolation and  quadrature points (in each dimension). The computations were 
performed with MATLAB software on a desktop workstation computer with 3.20 GHz processor speed and 
128 GB of RAM. The resultant system matrices were solved iteratively using the gmres function. The 
accuracy of the numerical results is assessed by evaluating the L1 norm error 
 

 (9) 

and the L2 norm error 
 

 
 (10) 

 

3.1 Standing waves in a duct 
We consider a domain with length L=0.4m, width w=0.15m, and height H=0.06m. The inlet and the 

outlet of the rectangular duct is located on y-z plane, at x=0 and at x=L, respectively. The remaining 
boundaries, which are on the x-y and x-z planes, are rigid walls. In particular, a constant pressure is 
prescribed at the inlet, i.e. 
 

 (11) 
 
and, a full-reflection condition is given at the outlet:  
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(12) 

For the conditions given above, the problem reduces to 1D wave propagation in x-direction. One can show 
that the exact solution to the problem defined in Eqns. (1), (11) and (12) is given by  
 

 
(13) 

The computational time and the accuracy of the method are presented in Table 1. The frequency is 
set as f=5000 Hz. The second column in Table 1 shows the total number of nodes N for the 
corresponding value of h, hence the degrees of freedom (DOF) being solved for. The 3rd column 
indicates the CPU time required for the preparation of the matrix coefficients for the nodes on the 
boundary and in the domain. The 4th column presents the total CPU time including the preparation of 
the system matrix and the iterative solver. The results are compared to the formulation in Ref. [12]. 
Note that the method in [12] in the Mach number limit M 0 becomes the version of the LBIE which 
contains domain integral. It can be seen that the accuracy of the present method and Ref. [12] are 
comparable and show only minor difference, which may be because of the different integration 
procedures. However, the computational time requirement is significantly improved with the new 
method. For a Gaussian quadrature integration with  weights, a domain integration needs  
operations, whereas a surface integration is performed with  operations. Therefore, a time 
improvement with factor  is achieved. This can be easily noticed by comparing the time required 
for the preparation of the system matrix, i.e. the CPU time for the assembly. The CPU time for solving 
the matrix is also significantly improved as can be seen in Table 1. 

 
Table 1 – CPU time and L1-norm error for the case f =5000 Hz 

Current Method Ref. [12] 

h 

(mm) 

Nodes 

(N) 

CPU Time  

Assembly (sec) 

CPU Time 

Total (sec) 

L1 Error 

 (%) 

CPU Time 

Assembly (sec) 

CPU Time 

Total (sec) 

L1 Error 

 (%) 

10 9594 5.4 20.4 1.36 e-3 49 80 9.89 e-4 

8 17952 6.6 29 1.06 e-3 59 104 9.44 e-4 

5 70875 11 68 5.53 e-4 102 226 5.36 e-4 

2.5 544341 25 2172 8.71 e-5 205 4732 7.49 e-5 
 
 

3.2 Comparison with COMSOL FEM 
The accuracy of the method is further presented in Table 2, and compared with Ref. [12] and with 

the COMSOL FEM software. A uniform mesh with h=5 is created for the meshless methods. Similarly, 
quadratic cubic elements with 5 mm side length are used in FEM computations, which result in 70875 
domain elements (see Fig. 2a). Although equal number of nodes are used both in meshless methods and 
in FEM, the DOF being solved for is much larger (~5.5 x 105) in the latter. An important dimensionless 
parameter to assess the resolution of the mesh for wave propagation problems is , which is 
reported in the second column. The L2-norm errors decrease consistently with increasing DOF for all 
formulations, indicating that the methods are convergent. However, the meshless methods are 
substantially more accurate. Although not presented in Table 2, the CPU time requirements of the 
meshless method is comparable to the FEM solution. The total CPU time spent in the present method 
is 68 seconds, whereas the FEM simulation takes 42 seconds. Though, one should note that the mesh 
discretization, the mesh connectivity and the system matrix assembly are generally done as 
pre-processing operations in the FEM software. As an example, the wave propagation  result at 5000 
Hz using the FEM is presented in Fig. 2b.  
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Table 2 – L2-norm error for dx =5 mm. 

Current Method Ref. [12] COMSOL 

Freq. (Hz) λ/h     

15000 4.57 0.0046 0.0047 0.01694 

10000 6.86 0.001 0.0011 0.1128 

5000 13.72 9.67 e-4 9.50 e-4 0.0438 

2000 34.29 5.66 e-4 1.83 e-4 0.0160 

1000 68.60 1.20 e-4 1.09 e-5 0.0073 
 

                

    
Figure 2 – a) Uniform FEM mesh with quadratic elements with side length 5 mm. b) FEM solution for the 

real part of acoustic pressure at f=5000 Hz 

4. CONCLUSIONS 
In this paper, a new LBIE method for the solution of the Helmholtz equation is presented. Unlike the 
previous formulations in this category, the present method does not contain any domain integral or the flux 
term. In the final form of the local integral, the acoustic pressure is the only unknown which needs to be 
approximated by any kind of mathematical interpolation. The computational time requirements of the 
method have shown to be  times of that encountered in the predecessors of the method. Moreover, 
the method yields a real-valued, band-limited system matrix. Provided that more efficient linear solvers 
appropriate for these features of the system matrix are used, the method can be used as a better alternative 
for the existing numerical FEM and BEM techniques. The comparison of the method with an FEM software 
(COMSOL v4.3 with quadratic elements) for identical discretization of the problem domain reveals at least 
one order of magnitude more accurate results for the meshless method. The proposed new LBIE method 
can be applied to many other types of wave propagation problems, provided that circular local subdomains 
are used in the implementation. 
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Physical realization of the radiation of complex multipoles 
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ABSTRACT 
Complex multipoles are sound sources located at positions having an imaginary component. They are also 
solutions of the Helmholtz equation, but their radiation patterns are different from those of their real 

counterparts. If c
qr


is the complex source position, the source preferably emits the sound in a direction 

indicated by Im( c
qr


) and the degree of focusing depends on the amplitude of Im( c
qr


). A loudspeaker in a box 

behaves at low frequencies like a monopole, a loudspeaker without a box like a dipole and a tuning fork like 
a longitudinal quadrupole. In contrast, complex multipoles do not have simple physical equivalents, since 
they are pure mathematical constructions. In the present work, the sound radiation of complex multipoles will 
be modelled by an array of loudspeakers whose amplitudes are determined so, that their radiation pattern is 
reproduced. To obtain the amplitude of each loudspeaker, a combination of the Boundary Element Method 
(BEM) and the Equivalent Source Method (ESM) is applied. With the BEM the transfer function of each 
loudspeaker is calculated and with the ESM their amplitude by minimizing the error at certain control points. 
 
Keywords: Radiation pattern, Complex position, BEM, ESM 

1. INTRODUCTION 
Complex multipoles can be of interest for practical applications, since they possess a pronounced 

directivity, which depends on two parameters, a scalar and a unit vector. But to be used, they need to be 
physically constructable. Norris (1) showed that a monopole can be represented by a distribution of 
monopoles on the surface of a sphere of radius a, with a uniform surface density (4a2j0(ka))-1. By 
shifting the radius a into the complex plane, he demonstrated that the monopole could also be 
represented as a distribution of complex monopoles with imaginary part Im(a) over the surface of a 
sphere with radius Re(a) and unit vectors parallel to the radial unit vectors. Unfortunately, the opposite 
situation, i.e. a representation of a complex monopole in terms of a uniform distribution of real 
monopoles is not possible. 

The next possible situation is the representation of a complex multipole with a non uniform surface 
distribution. In practice, this can be achieved by an array of loudspeakers flush-mounted on the surface 
of a radiating body. The radiation of each loudspeaker has to be controlled in such a way that the total 
emitted sound pressure reproduces the radiation of the complex monopole. In the present work, we 
develop a procedure to obtain the normal velocity of the loudspeaker membranes of the radiator, based 
on the “Dummy-source-method” conceived by Pavić and Lindberg (2). They replace the original 
radiating body by a rigid dummy source with a simpler geometry and occupying (approximately) the 
same volume, covered by several vibrating patches on the surface. The radiation of the patches is 
obtained using the equivalent source method (ESM). In our case, we are in principle not limited to any 
particular object size, since our original source is a mathematical construction and we use a 
combination of BEM and ESM to compute the normal velocity of the loudspeaker membranes. 

2. COMPLEX SOURCE POSITIONS 

For the time convention tje  , a complex source position c
qr


 is defined as 
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c
q ˆ


   ,   with 1j  (1) 

where qr


 is the real part and û  ( û : unit vector) is the imaginary part. 

The distance between a (real) field point r


 and the complex source position c
qr


 is defined by the 

distance function cR  

   cqc
q

c rrrrR


  (2) 

In this case, cR  vanishes not only in a point, but in a ring with radius   (singularity ring) that 
lies in the plane 

  0ˆ  urr q


 (3) 

In order to have outgoing waves, Re( cR )>0. This condition is fulfilled by choosing the branch cut  

 
2

arg
2


 cR  (4) 

As a result of the choice, arg( cR ) changes from +/2 at points slightly above, to -/2 at points slightly 

below a circular disk bounded by the singularity ring, i.e. a jump of Im( cR ) is obtained (Fig. 1). 

 

Figure 1 – Real and imaginary part of cR with   2/0,1,1ˆ u  

3. COMPLEX MULTIPOLES 
Complex multipoles can be generated by moving the source position in the complex plane. Hence, 

one defines the complex radiator of zero-th order, the complex monopole, as 

  
c

jkR

R

e
p

c

4000



  (5) 

With the choice of the branch cut (4), one recognizes that the complex monopole has a singularity 

ring and radiates with a higher amplitude on the positive side of the jump ( 0)Im( cR ) than on the 

negative side ( 0)Im( cR ). So, the complex monopole shows a pronounced sound radiation in the 

direction of the unit vector û . The focusing of the radiated sound rises with increasing k  as well as 

the size of the singularity ring. Fig. 2 shows the dependence of the focusing on   and on the 

frequency. 
Complex multipoles can be generated from the complex monopole. After Shin and Felsen (3), the 

complex multipole of order (m, n, l) can be obtained through repeated differentiation of the monopole 
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Figure 2 – Radiation pattern in the far field of a complex monopole - left: fixed  ; right: fixed frequency 

 

As example, Fig. 3 shows the radiation patterns of the dipole 100p  and the quadrupole 110p  

whose formulas are given in Eqs. (7) and (8) 
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Figure 3 – Radiation pattern of complex multipoles - left: dipole 100p ; right: quadrupole 110p  

4. REALIZATION OF THE RADIATION PATTERN 
Complex multipoles are interesting, because they can focus the acoustic energy in a specified 

direction, even at low frequencies. Since they are mathematical constructions, there are no physical 
mechanisms that can produce such radiation patterns. However it is possible to reconstruct their sound 
fields with an array of loudspeakers. Existing arrays are mostly constructed to radiate the sound in a 
half space. In the present work, an array is developed that can focus the sound at any direction in space. 

That is why we consider spherical polyhedra. Three models are investigated: a) dodecahedron; b) 
icosahedron and c) truncated icosahedron (“football”). The 3 models have a diameter of about 50 cm 
and are equipped with loudspeakers. The number of loudspeakers (L) and their diameter (DL) are: L=12 
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and DL =18.3 cm for the dodecahedron, L=20 and DL =13.7 cm for the icosahedron and L=32 and DL 
=11 cm for the truncated icosahedron (Fig. 4). 

 

Figure 4 Different models of the loudspeaker array 

 
It is supposed that each loudspeaker has following radial normal velocity distribution 
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For the reconstruction of the radiation pattern of the complex multipoles, the amplitude and phase 
of each loudspeaker will be determined. The method is a variation of the 
„Dummy-source-method“ and consists of the following steps: 

 Simulation of the sound pressure at C control points around the model (Fig. 5), produced by 
one loudspeaker when all others are turned off, using the BEM. A CL matrix (T) is built with 
the values of sound pressure from all loudspeakers. 

 
Figure 5 Control points for the three models 

 Computation of the exact values of the sound pressure at the control points using the 
analytical formulas. These values build a vector p of length L 

 Calculation of the amplitude and phase of each loudspeaker by solving an overdetermined 
system of equations (10). These values build the vector of unknowns q of length L. 

  pTq   (10) 

To evaluate the quality of the simulation, we compute the averaged relative error percentage C  at 

the control points 
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where )(s
ip  and )(e

ip  are the simulated and exact values of the sound pressure at the i-th control 

point respectively. 

5. RESULTS 
A simulation with the three models for a complex monopole with imaginary amplitude 2.0  

was performed. This value of   ensures that the singularity ring is completely contained inside the 

models. The control points are located at surfaces that have the same form of the models but double the 
size. Hence, a good agreement between simulation and exact values is expected in the region outside 
the control points. 

Table 1 shows the error percentage obtained with each of the described models. 

Table 1 – Relative error percentage at the control points C 

Nr. loudspeakers 125 Hz 250 Hz 500 Hz 1000 Hz 2000 Hz 

12 2.6 3.3 9.3 54.2 66.2 

20 1.5 1.9 5.8 42.7 78.5 

32 0.3 0.3 0.5 4.9 72.7 

 

The errors below 10% are presented in blue and the errors above 10% in red. The errors drop with 
increasing number of loudspeakers when the models have at least two loudspeakers per wavelength. 

 

Figure 6 – Simulated and analytical sound field at 500 Hz 

 
Considering the suggested number of loudspeakers per wavelength, the maximum frequency that 

can be solved by the models would be frep=c/2DL: 930 Hz, 1250 Hz and 1560 Hz respectively. 
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Figure 7 – Simulated and analytical sound field at 1000 Hz 

 

Figure 8 – Simulated and analytical sound field by an extended imaginary part =1.0 and Af=3 
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Fig. 6 and Fig. 7 show the sound radiated by the models and the exact analytical values. At 500 Hz 
(Fig. 6), the three models are able to reproduce accurately the sound radiation of the complex 
monopole since the relative errors are smaller than 10%. At 1000 Hz (Fig. 7), only the model with 32 
loudspeakers reproduces well the radiation pattern of the monopole with an error C=4.9%. 

If the singularity ring of the complex monopole must be always contained inside the model, the size 
of the model limits the amplitude of the imaginary part of the monopole. If the simulation is performed 
for bigger imaginary parts: =0.5 and =1.0, large errors (C) for all frequencies are obtained. The 
accuracy of the simulation can be increased by shifting the position of the control points by a factor Af 

from their original positions (Af=1) so that the singularity ring remains inside the surface bounded by 
the control points (Fig. 8). 

6. CONCLUSIONS 
The present work shows that the numerical realization of the radiation pattern of complex 

multipoles with a loudspeaker array is feasible. Accurate simulations can be achieved when the surface 
of the radiator is equipped by at least two loudspeakers per wavelength. Additionally, the control 
points must enclose the singularity ring. Highly focused radiation patterns are possible even at low 
frequencies, but at a certain distance from the radiator, since large imaginary parts are required to 
produce big singularity rings.  
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ABSTRACT
One of the most common problems in the development of silencers is to provide sufficient absorptive 
behavior using less costly materials that are effective over the desired wide frequency band and are thin,
lightweight and application-friendly [1]. Theoretical and empirical models for the acoustic properties of 
porous or granular media allow inverse determination of some porous properties. In this work, classical 
description of porous media as a homogeneous equivalent fluid is assumed, and are applied using a numerical
predictive model for a porous granular medium consisting of a face centered cubic sphere packing on which 
measurements were taken [2]. The comparative absorption result of the numerical versus experimental 
models are discussed.

Keywords: Porous, Absorption, Impedance tube

1. INTRODUCTION
Material parameters in a porous acoustics materials are sometimes difficult or not directly 

measurable [3], especially in the case of a medium consisting of pores with a wide scale range and 
random compounds. To describe the acoustic behavior of porous or granular materials, sound 
propagation models are used. The prediction of several parameters by such models is applicable to 
various fields, for which, equivalent fluid models are used in many situations [4]. Here, the main 
assumption is that the solid part of the material is rigid and immovable. Therefore, the behavior of the 
material as a mass medium is of interest. Such models focus on macroscopic behaviors and do not 
zoom into the microscopic occurrences in the pore scale. There are several microscopic scale studies
on the subject none of which upon the authors’ knowledge, have made the ends meet and given an a 
thorough analysis of what each and every parameter involved in macro-scale physically means in 
micro-scale.

Absorptance is usually tested with a standard 2-microphone impedance tube in accordance with an 
ISO 2001 standard. The tube in this study is fixed in a vertical state to avoid the influence of gravity 
on granular material for reasons of surface symmetry. Measurements are carried out in the frequency 
range from 100 Hz to 4.5 kHz. The sample is mounted in the sample holder, supported by a rigid plate.

2. FINITE ELEMENT MODELLING
A finite element model was created on a stack of beads (Figure 1). Each spherical bead has 3 mm 

radius and the distance between them range from 200 to 500 . The diameter of the impedance tube 
is 44 mm. The length of the pipe must be more than three times the diameter. The network is set very 
fine and network convergence is complete. Stack layer has the thickness of 30 mm. For the case of 
300 micrometer distance, the created mesh consists of 1.2 million domain elements, 400 thousand 
boundary elements, and 33 thousand edge elements. The absorption coefficient is calculated using the 
equation 4.4 in Kampinga’s thesis [5].
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Figure 1- Model of an impedance tube in Comsol Multiphysics with the full-scale beads in the 
sample-holder

Although the crosslinking and solution process is quite costly, we hope that comparing the 
simulation and measurement results with inversion and direct methods will allow us to find patterns 
of morphology versus the porous acoustic behavior of our samples. In Table 1 we see the peak 
absorption occurring at various distances of the beads.

Table 1- Seeking for higher absorption peak by decreasing the distance among beads
Distance between 6mm diameter beads Maximum Absorption

500 0.24
375 0.31
300 0.37
250 0.43
200 0.48

If we do a linear curve fitting using the data from the above table, we will see that according to 
such a calculation, at around 14 , we should get the absorption 1. Since the experimental results 
of a stack of the same layer thickness as in the model consisting of glass beads of the same diameter, 
in the same tube results in absorption peak of close to 1, we would need to decrease the distance 
further down. Given the amount of time such a solution will take, such a solution is not yet 
accomplished and is under 

3. CONCLUSIONS
Granular materials are typically characterized using acoustic models. However, the accuracy of the 

prediction depends heavily on the input parameters and the chosen method. Three-dimensional finite 
element modeling was shown on an sample of a stack of glass beads in an impedance tube, and the 
resulting absorption curve was calculated as a result. It is concluded that the distance among the beads 
needs to be further increased in order for the measurement and simulation to become potentially 
comparable.
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ABSTRACT 
In this paper active control of sound transmission through a double panel is considered. The active control 
system consists of one accelerometer mounted on the radiating panel whose time-integrated and amplified 
output is used as the error signal to drive a voice-coil actuator that reacts between the source and the radiating 
panel. Effects of one such active damper in the centre of the double panel system are considered, although, 
in principle, it could be repeated in the x-y plane and then used in the centralised, distributed or a decentralised 
manner. Theoretical and an experimental results are presented and compared. In the theoretical part, the 
mobility matrix model is used to investigate the stability of the feedback loop and to calculate the sound 
transmission ratio with and without control. It is shown that large reductions of the sound transmission ratio 
are possible, however only if the natural frequency of the fundamental source panel mode is higher than the 
natural frequency of the fundamental radiating panel mode. The experimental part of the study is carried out 
on the prototype active panel system and the measured result fully corroborate theoretical predictions. 
 
Keywords: Sound, Vibration, Active control of sound transmission 

1. INTRODUCTION 
The construction of transportation vehicles such as cars, aircraft or helicopters typically involves 

a considerable number of thin-walled and lightweight structural elements. From a vibroacoustic point 
of view, such structural elements are efficient sound radiators and transmitters, particularly in the low 
frequency range (1). There are several reasons why the low-frequency sound radiation and 
transmission pose a particularly challenging problem in lightweight, thin-walled structures. First, the 
sound transmission through panels and similar structures is characterised by the so-called mass law. 
The mass law imposes a decrease of the sound transmission ratio with the increase in frequency (2). 
At low frequencies, however, the sound transmission ratio remains relatively high. In fact, the sound 
transmission ratio through panel-like structures at low frequencies is largely controlled by structural 
resonances so that both vibrations and sound transmission are high. The radiation of sound is 
particularly high due to the lightly damped odd-odd structural modes characterised by high volume 
velocity (3). Second, the mass law also imposes a decrease of the sound transmission ratio with the 
increase of mass per unit area of the partition (2), imposing fundamental physical limitations to 
controlling the transmission of sound using lightweight structures. The combination of the two effects 
two therefore causes problems in terms of high structural vibrations and the consequent high sound 
transmission ratio of thin-walled lightweight structures at low frequencies.  

These vibration and noise problems are traditionally solved by passive means (4). For example, 
the resonance effect can be reduced by increasing structural damping using dissipative treatments. 
These treatments are typically consisted of constrained damping layers of viscoelastic materials that 
are glued to the structure. The problem with this technique is that it is typically targets only higher -
order modes of the structure and significantly increases the weight and cost of the product. 
Alternatively, thin-walled structures can be equipped with single or multiple layers of sound absorbing 
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materials (4). These materials are typically open cell rubber foams or melamine sponges which absorb 
noise by friction within the cell structure. Porous open cell foams are highly effective noise absorbers 
across a broad range of medium to high frequencies (5). At low frequencies their performance 
deteriorates. This is because of long acoustic waves at low frequencies. When the acoustic wavelength 
becomes much larger than the thickness of the sound absorbing layer, the waves efficiently penetrate 
through the layer. In conclusion, the control of sound transmission through lightweight, thin -walled 
structures at low frequencies requires a special attention. 

In this paper active control of sound transmission is considered through a double panel. A direct 
velocity feedback control scheme with non-collocated sensor-actuator arrangement is used. It is shown 
that active damping can be generated which reduces the sound transmission due to low-order structural 
modes. In Section 2 the mathematical model for the theoretical analysis is formulated whereas in 
Section 3 the setup for the experimental measurement campaign is described. The results of the 
theoretical and experimental analyses are contrasted and discussed in Section 4. 

2. MATHEMATICAL MODEL 
The mathematical model is based on the mobility-impedance approach (4,6). To this end, it is 

assumed that the system can be divided into three components: the source panel, the radiating panel 
and the acoustical transmission path. The acoustical path is due to the sound transmission through the 
air confined between the radiating and the source panel. Each of these components is modelled using 
point and transfer mobility or impedance functions. The acoustical transmission path is modelled 
using transfer impedances between a finite number of cavity elements that are adjacent to the surfaces 
of the panels. The excitation of the source panel by the incident acoustic wave and the radiated sound 
power from the radiating panel are also calculated by assuming that the two panels are divided into 
the same number of elements. This number is obtained by choosing element dimensions to be 
lx,e=lx/(4M) and ly,e=ly/(4N) where M and N are the highest modal orders used in calculations. The 
mobility model scheme is given in Figure 1. 

 
Figure 1 – The mobility model scheme 

The model considers only out of plane displacements/velocities and forces at the various types of 
junctions and at the centres of the plates and cavity elements. The time harmonic displacement or 
force are given by w(t)=Re{w(ω)ejωt} or f(t)=Re{f(ω)ejωt}, where ω is the circular frequency in [rad/s] 
and j=-11/2. Thus w(t) and f(t) are the time-harmonic displacement and force functions while w(ω) and 
f(ω) are the complex frequency-dependent displacement and force phasors. In order to simplify the 
mobility formulation used in this study, the time harmonic dependence is implicitly assumed in the 
mathematical expressions which are therefore formulated in terms of the frequency-dependent phasors. 
Also, the first derivative of the time-harmonic functions, for example the linear out of plane velocity, 
ẇ(t)=Re{jωw(ω)ejωt} is represented by velocity frequency dependent phasors ẇ(ω)=jωw(ω). The 
velocity and force phasors at the centres of the elements are grouped in the following two column 
vectors:  
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where ẇj is the complex amplitude of the linear velocity along the z axis, and Nzj is the complex 
amplitude of the force in the z direction, at the j-th element. The two panels are also excited by means 
of p control forces. The velocity and control force phasors at the control positions in the source and 
radiating panels are grouped in the following two column vectors:  

1 2 1, ,... ,... ,
T

c j p pw w w w wv
T

j p p1 2 1,2 12w w w w w1 2 12 j p pj p1 2 12 ,2 122 ,   1 2 1, ,... , ,
T

c z z zj zp zpN N N N Nf  (2) 

It is thus in principle possible to model a number of control forces acting on the source and/or on 
the radiating panel. In the remaining of the paper, however, a single reactive control force, located at 
the x,y centre of the double panel is considered. The surface boundaries that the air cavity shares with 
the source and the radiating plate are modelled using a finite number k of small elements, such that 
the element dimensions are considerably smaller than the shortest acoustic wavelength in the cavity. 
The lateral surfaces of the air cavity are assumed to be rigid walls. Each of the top and bottom surface 
elements can only vibrate in the direction normal to the surfaces themselves and their velocities and 
forces are defined at the geometrical centres of the elements. These junction vectors are grouped 
together to form four combined vector pairs. These four groups are: the source velocity vector vs and 
the source force vector fs, the radiating velocity vector vr and the radiating force vector fs; the 
transmission system velocity vector vt and the transmission system force vector ft; and finally, the 
control velocity vector vc and the control force vector fc. The four groups of vectors are given by: 

,1 ,2 ,

T

s s s s kv v vv ,

T

s k,v ,   ,1 ,2 ,

T

s s s s kf f ff ,

T

s k,f  (3) 

,1 ,2 ,

T

r r r r kv v vv ,

T

r k,v ,   ,1 ,2 ,

T

r r r r kf f ff ,

T

r k,f  (4) 

,1 ,2 , ,1 ,2 ,t ts tr ts ts ts k tr t

T

r tr kv v v v v vv v v , , , ,, ,1,

T

k,2 ,v v v vkk 1 2  (5) 

,1 ,2 , ,1 ,2 ,t ts tr ts ts ts k tr t

T

r tr kf f f f f ff f f , , , ,, ,1, ,

T

r k,2 ,,2f f f fkk, ,1, ,, , ,2,2  (6) 

,1 ,2 , ,1 ,2 ,c cs cr cs cs cs p cr c

T

r cr pv v v v v vv v v ,2p, ,1,

T

r cr p,2 ,,2v v v v1 21 21 2  (7) 

,1 ,2 , ,1 ,2 ,c cs cr cs cs cs p cr c

T

r cr pf f f f f ff f f ,2 ,p, ,1, ,

T

r cr p,2 ,,2f f f f, ,1 ,21 2, ,1, ,, , ,2,2  (8) 

where vs,j and fs,j represent the complex velocities and forces for the j-th source panel element, vr,j and 
fr,j represent the complex velocities and forces at the j-th radiating panel element, vts,j and fts,j represent 
the complex velocities and forces for the j-th acoustic element on the source panel junction, vtr,j and 
ftr,j represent the complex velocities and forces for the j-th acoustic element on the radiating panel 
junction, vcs,j and fcs,j, and finally vcr,j and fcr,j represent the control system complex velocities and 
forces for the j-th control force at the j-th control point either on the source or on the radiating panel 
footprint of the control force actuators. 

The dynamics of the bare source and radiating panels are modelled using a mobility matrix 
formulation, so that velocity and force vectors can be expressed in the form: 

s ss s sp p sc cv Y f Y f Y f ,   r rr r rf f rc cv Y f Y f Y f  (9) 
where Yss, Ysp, Ysc and Yrr, Yrf, Yrc are mobility matrices of the source and the radiating panel, and 
fp, fc, and ff are the primary excitation vector, the control force vector, and the flanking excitation 
vector, respectively. The details on how the mobility matrices used in Eqs.  (9) are populated, and also 
on how the the mobility and impedance matrices introduced in the forthcoming part of the formulation 
are populated, are given in (6). Furthermore, details on how to calculate the resonance frequencies 
ωm,n and mode shapes ϕm,n for rectangular panels having various boundary conditions can be found in 
(4). The primary and flanking excitation vector are given by:  

,1 ,2 ,

T

p p p p kf f ff
T

p k,f ,   ,1 ,2 ,

T

f f f f kf f ff
T

f k,f f  (10) 

The flanking excitation vector acting on the radiating panel could be caused by a subsystem 
connected to it or by an additional flanking path connecting the source panel to the radiating panel. 
The flanking excitation has not been considered throughout this study covered, so that the flanking 
excitation vector ff is assumed to be a zero vector. If the source plate is excited by a plane acoustic 
wave, then the components of the primary excitation vector are determined by pressure field generated 
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by the plane wave over the surface of the source panel: 

, ( , , ) x j y jj k x k yx y
p j j j

l l
f x y Pe

k
 (11) 

where P is the amplitude of the plane wave which has an acoustic wave number in the x direction 
given by kx=k sin(θ)cos(ϕ) and in the y direction given by ky=k sin(θ)sin(ϕ), where k is the wave 
number, θ and ϕ are azimuthal and elevation angles, whereas xj and yj are coordinates of the 
geometrical centre of the corresponding element of the source panel. The term x j y jj k x k yPe  in Eq. 
(11) is the pressure at the geometrical centre of an element while the term lxly/k is the area of the 
element. Therefore the excitation is modelled by assuming that the pressure field over the surface of 
the element can be approximated by the pressure at the centre of the element.  The dynamics of the 
transmission system is expressed using the following impedance matrix expression: 

t t tf Z v  (12) 
where Zt is an impedance matrix of the transmission system. The elements in the Zt matrix, due to the 
nature of the acoustical coupling, are fully populated. Thus the velocity at one element will generate 
a force, which is caused by pressure fluctuations at the centres of all the other elements, on both source 
and radiating plates. The source and radiating panel mobility matrices, Eqs.(9), can be grouped 
together in one equation: 

, , ,sr sr sr sr sr pf pf sr c cv Y f Y f Y f  (13) 
where the mobility matrices and the excitation vectors have the form: 

,
,

,

s sr
sr sr

r sr

Y 0
Y

0 Y
,   ,

,
,

s pf
sr pf

r pf

Y 0
Y

0 Y
,   ,

,
,

s c
sr c

r c

Y
Y

Y
,   

T

pf p f

T

pf f f f 0  (14) 

and the velocity and force vectors are given by: 

T
sr s rv v v ,   T

sr s rf f f  (15) 

where vsr and fsr are respectively the source-radiating velocity vector and the source-radiating force 
vector. The source-radiating vectors are related to the corresponding coupling system vectors so as to 
satisfy the continuity (for the velocity vectors) and equilibrium (for the force vectors) principles at 
each junction: 

t srv v ,   t srf f  (16) 
If Eqs.(16) are substituted into Eq.(12) the source-radiating force vector and force radiating 

velocity vector can be related through the following impedance expression:  

sr t srf Z v  (17) 
Substitution of Eq.(17) into Eq. (13) yields: 

, , ,sr sr sr t sr sr pf pf sr c cv Y Z v Y f Y f ,   1
, , ,( )sr sr sr t sr pf pf sr c cv I Y Z Y f Y f  (18) 

1 1
, , , ,( ) ( )sr sr sr t sr pf pf sr sr t sr c cv I Y Z Y f I Y Z Y f ,   sr tp pf tc cv Q f Q f  (19) 

where the matrices Qtp and Qtc are given by: 

1
, ,( )tp sr sr t sr pfQ I Y Z Y ,   1

, ,( )tc sr sr t sr cQ I Y Z Y  (20) 

Using now Eq.(17) with Eq.(19) gives the source-radiating force vectors: 
sr t tp pf t tc cf Z Q f Z Q f ,   sr tp pf tc cf R f R f  (21) 

where Rtp and Rtc are given by: 

tp t tpR Z Q ,   tc t tcR Z Q  (22) 
Similar to Eq.(13), the control velocity vector can also be expressed using the mobility method:  

, , ,c c sr sr c pf pf c c cv Y f Y f Y f  (23) 
where the mobility matrices have the form: 

,
,

,

c s
c sr

c r

Y 0
Y

0 Y
,   ,
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,

c pfs
c pf

c pfr

Y 0
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c cs
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c cr

Y 0
Y

0 Y
 (24) 
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Yc,s, Yc,pfs, Yc,cs and Yc,r, Yc,pfr, Yc,cr are mobility matrices of the source and the radiating panel, at the 
control locations. Substitution of the right term of Eq.(21) into Eq.(23) yields: 

, , , ,c c sr tp pf c sr tc c c pf pf c c cv Y R f Y R f Y f Y f ,   , , , ,c c sr tp c pf pf c sr tc c c cv Y R Y f Y R Y f  (25) 

c cp pf cc cv T f T f  (26) 

where Tcp and Tcc are given by: 

, ,cp c sr tp c fpT Y R Y ,   , ,ccc c sr tc cT Y R Y  (27) 

With feedback control, the control force vector fc is related to the control velocity vector vc by 
means of the control law matrix H:  

c cf Hv  (28) 
so that the control velocities can be calculated using Eq.(26) as follows: 

c cp pf cc cv T f T Hv ,   1
c cc cp pfv I T H T f  (29) 

whereas the source and radiating panel forces are determined by the right term of Eq.(21). Details on 
how the control matrix H is populated can be found in (7). Finally, the source and radiating velocities 
are then given by Eq.(13). The sound power radiated by the radiating panel can then be evaluated 
using the velocities of the radiating elements which are a subset of vsr, the right term of Eq.(4), as: 

re
H
reW Rvv  

(30) 

where R is the radiation resistance matrix and ( )H denotes the Hermitian transpose (the complex 
conjugate). The sound power of the incident plane wave can be calculated using the following 
expression 

2 cos
2

x y
i

l l
W P

c
 (31) 

where  and c  are the air density and the speed of sound. The sound power transmission ratio can 
be calculated as iT W W .  

3. EXPERIMENTAL SETUP 
The experimental study is carried out on a prototype double panel which is shown in Figure 2. 

 
Figure 2 – Experimental setup  
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The unconstrained x,y - dimensions of the panels are 0.3×0.4 m. They are made of a fiberglass 
reinforced epoxy used for PCB boards. The width of the air cavity between them is 0.036 m. The 
prototype panel is mounted on top of the open side of wooden box with thick and heavy walls with 
the inner dimensions of 0.3×0.4×0.5 m. The box has a loudspeaker with a 30 cm membrane diameter 
to produce high levels of sound pressure inside the box at low frequencies. The thick and heavy box 
side walls ensure that the flanking sound power radiated through the walls is at least 20 dB lower than 
that radiated through the panel. White noise signal is used to drive the loudspeaker. A reference 
microphone is located in a corner inside the box, whereas the measurement microphone is located 
outside, 10 centimetres above the radiating panel centre. The sound transmission ratio is approximated 
by the FRF between the sound pressure measured by the outside microphone and the reference 
microphone inside. The double panel system is equipped with a miniature voice coil actuator, (8), 
mounted at its centre, in the air cavity between the two panels. Its mechanical terminals are attached 
to the two panels so that it can react against them. One miniature MEMS accelerometer, (9), is attached 
at the actuator footprint at the radiating panel. Its time-integrated output, proportional to the radiating 
panel velocity at the actuator junction point, is amplified and fed back to the actuator as the error 
signal. The time integration is performed with an analogue integrator with a 1 Hz cut -off frequency. 
In such a way a skyhook damper is realised (10,11). In order to ensure the stability of the feedback 
loop, it is necessary that the uncoupled source panel fundamental natural frequency is higher than that 
of the uncoupled radiating panel. Analytical stability analyses carried out previously with simple 
lumped parameter 2 DOF models providing more details on why this is necessary to ensure stability 
can be found in references (12–14). In this study the prototype panels were fabricated with slightly 
different thicknesses: 2 mm for the source panel and 1.5 mm for the radiating panel so as to ensure 
that the fundamental natural frequency of the source panel is higher than that of the radiating panel. 

4. RESULTS AND DISCUSSION 
The stability analysis is carried out using the Nyquist criterion by studying the properties of the 

open-loop sensor-actuator frequency response function (FRF). The corresponding Bode and Nyquist 
plots determined theoretically and experimentally are shown in Figure 3.  

 
Figure 3 – Bode and Nyquist plots of the open loop sensor-actuator FRF. Up: simulated, bottom: measured 
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The simulated and measured results agree reasonably well. The FRF behaves as if the sensor-
actuator pair were collocated up to approximately 400 Hz. Above this frequency phase lags occur due 
to higher order modes so that the feedback loop is conditionally stable.  The frequencies at which the 
Nyquist locus crosses the negative real axis are shown in Bode plots using the red circles.  The 
amplitudes of the FRF at the crossover frequencies are much smaller that the FRF amplitudes at the 
structural resonances. Therefore, a relatively large gain margin enables implementing large feedback 
gains and generating large active damping effects. This is illustrated in Figure 4, which shows the 
sound power transmission ratio with and without control, both simulated and measured. The two plots 
suggest that large sound transmission occurs due to the two fundamental resonances of the double 
panel system occurring at 135 Hz and 181 Hz.  

 

Figure 4– The sound power transmission ratio. Left: simulated, right: measured. Solid, blue lines: no 

control, dashed red lines: with control.  
 

This is because the two corresponding structural modes are characterized by large volumetric 
components of the radiating panel vibration, as shown in Figure 5. Above the second resonance (the 
mass-air-mass mode shown in Figure 5) the sound transmission ratio rolls off steeply with frequency 
since the vibration of the two panels and the sound transmission become governed by the mass law, 
Figure 4. Therefore the active reduction of the sound transmission at frequencies below the mass -air-
mass resonance is important. As shown by the red dashed lines, reductions of about 20 dB are both 
anticipated theoretically (Figure 4, left plot) and determined experimentally (Figure 4, right plot). The 
simulation and experimental results agree well, except that the (0,0,1) acoustical mode of the wooden 
box air cavity causes a resonance at about 340 Hz in the experimentally determined sound power 
transmission ratio. Note that the theoretical model does not include the acoustics of the rectangular 
air cavity beneath the source panel.   

 

Figure 5– The two fundamental modes of the double panel. Left: first mode, right: mass-air-mass mode 
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CONCLUSIONS 
The active control of sound transmission through a double panel using a skyhook damper located 

in the air cavity between the source and the radiating panel is investigated theoretically and 
experimentally. The stability analysis indicates that the feedback loop is surprisingly robust with 
respect to the non-collocated sensor-actuator arrangement. The arrangement is non-collocated because 
the reactive force actuator is collocated (and dual) to the sensor measuring rel ative velocity across its 
terminals. However in the present scheme an absolute velocity sensor at the radiating panel actuator 
terminal is used to provide the error signal. Although the theoretical foundation for this type of active 
vibration control have been laid for lumped parameter systems in the past, in this study it is shown 
both experimentally and theoretically that this kind of control scheme can be successfully used in 
distributed parameter systems. In particular, it is shown that the sound power transmission ratio 
through double panels can be significantly reduced in the low frequency range, below the mass -air-
mass resonance. This is important because at those frequencies the acoustic and structural wavelengths 
are large so that the effectiveness of traditional passive treatments such as sound absorbing foams or 
viscoelastic constrained damping layers is unsatisfactory. Therefore active control can be used as a 
viable alternative to passive sound transmission control methods in order to reduce the very low 
frequency sound transmission. 
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ABSTRACT 
This work aims to illustrate how to increase the efficiency of an initial passive damped electromagnetic 
resonator by controlling the mass response actively.  In aerospace and aeronautical engineering a fail-safe 
design for active systems is usually required.  Hybrid Mass Dampers (HMD) tend to realize these objectives.  
Design rules and limitations of the so-called Hybrid Mass Damper (HMD) are discussed and analyzed.  The 
main idea is to modify a DVA (Dynamic Vibration Absorber) to use it as an AMD (Active Mass Damper). 
Objectives are to take the best of the two technologies and increasing the performance of the passive device 
and/or decreasing the control effort of the actuator in comparison with a fully active system.  A specific 
electromagnetic resonator is then designed and an appropriate control law is proposed.  The methodology is 
illustrated and validated with an application to a helicopter.  Theoretical and numerical results are completed 
by experimental validation. 
Keywords: Mass Damper, Active and passive control. 

1. HYBRIDIZATION PRINCIPLE 
Consider an initial structure simplified to a one degree of freedom system. This represents the main 

structure to control (Fig.1). We fix a Tuned Masse Damper (TMD) to this structure, optimally tuned 
using Den Hartog’s law (1), then the active control force (fa) is introduced between the two masses. 
Classically, it can be a voice-coil actuator, the mass of the TMD is the moving part of the actuator 
(usually the magnets). The concept of this dual loop controller, briefly presented in (2), is to combine 
two control laws using two different inputs. The two loops are in parallel (Fig 1) and act on the same 
transducer. These two loops are presented successively for a better understanding. The first one (in 
blue in Fig.1) is a proportional-derivative controller fed by the relative displacement between the 
inertial mass and the main structure. The second one is a proportional controller fed by the absolute 
velocity of the main structure (in red in Fig.1).  

Figure 2 illustrates the pole locations of this device. In Fig2a, the initial pole of  the main structure 
can be seen in grey. By adding an optimal passive TMD with equal peak design parameters, one can 
see the two new poles and the increasing of damping. In the Fig 2b the two control laws are added 
successively, starting with the optimal passive device. 

It is known that direct velocity feedback associated with a TMD results in very poor stability 
margins (3). The purpose of the first control loop (H1) is to increase these margins. It aims to reduce 
the stiffness of the TMD and to add damping. It is shown by the blue root locus in fig 2b. One can 
observe that the low frequency pole, linked to the actuator, is moved away from the imaginary axis. 
The high frequency mode tends to return to the initial pole of the structure as the TMD is no more 
tuned to absorb vibrations. At this point the device behaves like a classical AMD.  

The second step consists of applying a direct velocity feedback (red root locus in fig 2b). One can 
see that the two poles are moving to opposite directions. The gain of this controller appears as a 
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tradeoff between the damping of the high frequency mode and the stability margins as explained if 
(4). These schemes show that this kind of dual loop controller, when adequately tuned, can in theory, 
yield high damping on both resulting modes with adequate stability margins. 

 
   

Figure 1 – SDOF of the main structure with an hybrid vibration absorber 

 

 

Figure 2 – a. Pole location of the passive devices (without and with TMD) b. Root locus of the Hybrid 

device by successively adding the H1 control loop (in blue) and the H control loop (in red). 

 

2. INNOVATIVE TRANSDUCER 
  
 For this project, a specific dual transducer has been designed and patented. Basically, it consists 

of a one mechanical degree of freedom system designed as a TMD. 
The moving mass is guided by two set of flexible membranes. Two magnets are fixed at the 

extremities of the moving mass, contributing to the total mass of the moving part. Each magnet is 
surrounded by a coil. One magnet and coil is dedicated to the passive behavior of the TMD the other 
one to the active one. The principle is illustrated in Fig3.a (For better readability, the metal structures 
surrounding the magnet-coil systems for guiding the magnetic field lines are not shown on this 
scheme). The final prototype can be seen in fig 3.b. 

Two parts can be clearly identified. The passive part (represented at the bottom of fig 3a) consists 
of a load (tunable resistance) and a system to measure voltage. The load is used to tune the damping 
of the TMD. The mechanical damping of the system is very low. To reach the optimal damping value, 
one uses the possibility of adapting the load to optimize damping of the coupled system. As the 
resulting voltage on the load is directly proportional to the relative velocity, this value is used to feed 
the first loop of the controller (H1).  The active part (in red in fig 3a) uses a current amplifier in order 
to obtain a control force proportional to the command. 
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a) b)  
Figure 3 – a) Schematic diagram of the dual transducer, b) the final prototype 

  

3. FULL SCALE VALIDATION 
The final aim of the project is to control a specific vibration mode on an helicopter.  This section 

aims to illustrate the efficiency of the proposed device on a real structure for which the system has 
been designed. For confidentiality reasons, not all the data can be shown. This abstract only gives an 
insight of the potential applications. The helicopter used for the tests is shown in Fig 4. 

 

 
Figure 4 – AH225 used for the tests 

 
The transfer functions between a force sensor linked to the shaker located on the main rotor, and 

an accelerometer glued near the HMD are plotted in Fig 5.  The responses of the passive systems are 
represented in black (helicopter alone), and in red (with the passive TMD). The effective modal mass 
of the mode to control is around 3 tons. In this case, the mass ratio is very low. The passive reduction 
is very small (around 2dB). No effects are observable at other frequencies.  

Fig 5 shows two different tunings (in blue, continuous and dotted line). The continuous blue line 
uses a classical detuning (half of the passive stiffness) and high gain for the “H2 loop”. Two effects 
can be observed. The first one is a massive reduction of the vibration of the mode of interest, almost 
8 dB in comparison with the passive system. The spectacular results are tarnished by the increase of 
the vibration of a lower frequency mode corresponding to the new frequency resonance of the HMD. 
A simple way to avoid this phenomena is to slightly change the detuning created by the “H1 loop”. 
The second tuning (light blue dotted line) shows that with a bigger detuning, this phenomena is 
avoided. The amplitude reduction on the mode of interest is around 5dB in comparison with the 
passive TMD, but a gain of 7.5dB is also observed on the previous low frequency mode. After the 
mode of interest, a global reduction of 2-3dB is observed. No high frequency spillover happens. 

The tuning procedure of the various loops appears as a tradeoff between the modal repartition of 
the main structure, the stroke of the actuator and the stability margins. This tradeoff depends on the 
design of the transducer and the modal distribution of the main structure.  
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Figure 5 – Normalized transfer function without TMD, with TMD and with HMD using two 

different tunings. (For confidentiality reasons, the frequencies and the shapes of the mode are not 
given).   

  

4. CONCLUSIONS 
The study validates an innovative transducer dedicated to a dual loop controller. This transducer 

is a Hybrid Mass Damper, combining passive Tuned Mass Damper behavior and actuator capabilities 
for active vibration control. Sensing and actuating systems are linked to a single degree of freedom 
device constituted of two voice-coil systems, one dedicated to the passive damping and the other one 
to the active damping. The proposed control loops provide stable and efficient control. The resulting 
damping device is also fail-safe. In comparison to a classical optimal TMD, the damping performance 
is increased without adding any mass on the TMD. These aspects are very important for embedded 
applications. The proposed hybrid control device has been built at full -scale and successfully tested 
on both an academic bench and on an helicopter. Future studies will show that the power consumption 
of this kind of device is much lower than a full active system. More details can be found in (4). 
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2. BASICS 

Active engine mounts are based on the well-known hydraulically damping engine mounts and 

perform their basic function. These consist of an elastomer main spring component to absorb the static 

preload and to support the elastic mounting of the engine (see Figure 1, left). The engine is usually 

connected to the inner part via an engine support. On the outside, the main spring component is fixed 

to the subframe by means of a housing. For hydraulic damping, a working chamber filled with a 

hydraulic fluid is located below the main spring component, which is closed at the bottom by a channel 

plate. As a rule, the fluid used is a glycol mixture. The channel in the channel plate now connects the 

working chamber with a second, so-called compensating chamber, which is usually located below the 

channel plate and which is closed off by a bottom compliance of high resilience. This compensating 

chamber serves to accommodate the hydraulic fluid flowing through the channel and, due to its high 

flexibility, balances the static pressure in the mount. A decoupling membrane is located in the center 

of the channel plate to adapt the high-frequency stiffness of the mount. 

 

 

 

Figure 1 – Sectional view of a conventional hydraulic engine mount: - LH: Design with main spring 

component (a), inner part (b),  channel plate with lower compliance (c), channel plate (d), bottom 

compliance (e), housing  including screwing (f) – RH: Switchable version with  membrane and air 

chamber (g), tractive electromagnet (h) and lock with seal (i). 

 

The deflection of the main spring component reduces the volume V of the working chamber. A 

characteristic measure for the displacement potential of the main spring component is the so-called 

effective area A = dV / dz, where z is the deflection of the mount. With harmonic excitation at low 

frequency, hydraulic fluid is pumped through the channel between the working chamber and the 

compensating chamber. Due to the viscosity η of the fluid, hydraulic damping occurs in the channel 

due to the internal friction according to Hagen and Poiseuille [1]. A measure for the hydraulic damping 

is the phase shift occurring between displacement excitation z and reaction force F, which is also 

referred to as the loss angle. With increasing frequency, an oscillating system becomes more important, 

which consists of the elastic deformation of the main spring component and the mass of the liquid in 

the channel. When the mount is excited in the resonance range, the amplitude of the liquid movement 

in the channel increases significantly, and with it the damping. The elastic properties of the mount 

also change considerably here. The resonance system can be adjusted by channel length and diameter 

and adapted to the axle natural frequency as well as to the resonance of the engine mass with the 

mount stiffness. 

 

For frequencies above the resonant frequency, the inertia of the amount of liquid in the channel 
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prevents a liquid exchange between the chambers. When the main spring component deflects, the 

pressure in the working chamber changes because the volume changes have to be absorbed by the 

internal deformation of the main spring component and the decoupling membrane. A measure of the 

volume absorption dV of the main spring component without its own deflection when the pressure 

changes dp is the volumetric flexibility = dV / dp = A dz / dp. This pressure fluctuation at deflection 

z finally causes an additional stiffness over the effective area, which is referred to as buckling strength 

or dynamic hardening. 

In the case of a switchable mount for idle decoupling, there is an additional membrane with an air 

chamber on the side of the working chamber instead of the decoupling membrane in the channel plate 

(see Figure 1 right). With the volume of the air chamber, an additional flexibility is created in the 

working chamber and thus dynamic hardening according to customer requirements is provided. This 

air chamber is now connected to the environment via an opening, which is closed by a tractive 

electromagnet. In this condition, the mount shows hydraulic damping and thus dynamic hardening. 

The open air chamber, on the other hand, takes over the fluid displaced by the deflection of the main 

spring component without changing the pressure in the working chamber. Without pressure changes, 

however, no liquid is pumped through the channel. As a result, the hydraulic damping and the dynamic 

hardening are missing. This decoupling in particular has a positive effect on smooth running at idling 

speed and increases comfort.  

3. ACTIVE ENGINE MOUNT 

This chapter describes the specific features of the active engine mount.  In addition to the overall 

tuning of the mount, the selection and design of the actuator is of central importance and will be 

summarized below. The description of the overall system includes the mount and the control unit with 

the algorithm to map an adaptive control system. The chapter concludes with a consideration of the 

effect in the vehicle. 

 

3.1 Design 

With active engine mounts, the variation of the pressure in the working chamber is modified in a 

similar way to switchable mounts. In contrast to the switchable mounts, where stiffness and damping 

characteristics can be changed in two states, here the influence on stiffness is frequency-selective. 

Instead of the membrane with the air chamber, there is an elastically suspended actuator plate in the 

channel plate, which is moved by the armature of an actuator. Figure 2 shows a sectional view of an 

active engine mount. The stator of the actuator, like the outside of the main spring component and the 

channel plate, is connected to the housing shell and thus firmly to the subframe. The frequency range 

in which the active engine mounts operate is above the hydraulic resonance. We, therefore, consider 

the case that no fluid is exchanged by the channel. 

The following consideration is decisive for understanding the mode of action of an active engine 

mount: The stiffness of a rubber mount, more precisely the transfer stiffness, causes a force fluctuation 

on the output side due to a deflection on the input side. Engine mounts support with their main spring 

component on the subframe side when the main spring component is excited on the engine side. In 

addition, the buckle strength becomes effective due to the pressure fluctuation. Active mounts are now 

able to considerably reduce the force fluctuations on the subframe side for certain adjustable 

frequencies. This practically means a frequency-selective reduction of the mount stiffness. The 

frequency in question is derived from the unbalanced engine torques to the instantaneous engine speed. 

This is known from the evaluation of the crankshaft sensor, but changes permanently during operation. 
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Figure 2 – Schematic representation of an active engine mount : Inner part for travel excitation (a), main 

spring component with effective area AT and volume compliance κT (b), channel plate with channel (c), 

decoupling membrane (d), actuator disk with cross section area AA (e),  actuator membrane  with 

compliance κA (f), armature of actuator with mass mA (g), stator of actuator (h), set of springs with 

stiffness cA for elastic connection of armature (i). 

 

An active engine mount is not only capable of compensating for the increase in pressure when the 

engine, but also of generating a negative pressure which compensates for the force effect of the main 

spring component via the effective surface. This is done by moving the actuator plate, which is 

attached to the actuator and elastically suspended in the channel plate, downwards. This enlarges the 

working chamber so that instead of an overpressure as with conventional mounts, a negative pressure 

is created. If, on the other hand, the engine pulls on the mount, the actuator disc is moved upwards so 

that not only the negative pressure is compensated but also an overpressure in the working chamber 

compensates the tensile forces exerted by the main spring component. If the actuator is excited in the 

correct phase, force fluctuations on the output side can be eliminated despite excitation on the engine 

side. This eliminates the stiffness of the mount for this frequency. The mount therefore does not 

counteract the deflection but avoids the movement. This is one of the most important findings and 

decisive for understanding. 

The fact that a reduction in stiffness leads to a reduction in the force acting on the subframe is due 

to the type of excitation. Due to the high moments of inertia of the unbalanced engine orders, the 

engine generates an excitation by a displacement at the mounts. In the case of force excitations, which 

predominantly occur in the chassis area, a reduction in stiffness would only lead to an increase in the 

excitation amplitude. Therefore, the concept of active engine mounts cannot easily be transferred to 

mounting points in the chassis. 

 

3.2 Actuator selection 

The requirements analysis as a starting point for actuator selection and subsequent optimization of 

the actuator parameters is of decisive importance. Customer requirements are taken into account and 

own objectives need to be formulated. These include an upper limit for the total weight of the actuator 

as well as the frequency range in which the mount control is to operate. The maximum power 

consumption and the associated coil design are also of decisive importance for the design. 

Beyond the total weight, the frequency range and the power limit, there are parameters, which can 

only be evaluated together with the installation situation in the mount. The force of the actuator and 
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the linear stroke are such parameters, whose limit values can be determined by the ratio of the effective 

areas of the main spring component and actuator as well as by the volume compliance of the working 

chamber. Two values have to be distinguished, especially for the movement of the actuator: on the 

one hand, the stroke of the armature caused by the force effect, which determines the compensating 

capacity via the flexibility of the working chamber, and on the other hand the linear free travel of the 

armature. It must be taken into account that the forced movements may be superimposed by further 

movements due to pressure fluctuations in the working chamber which lead to displacements of the 

working point. Outside the linear clearance, the armature is slowed down elastically by end stops. 

Finally, customer-specific overall optimizations are carried out with the help of the coil design. 

After defining the yoke geometry of the actuator and the winding window, the force spectrum, i.e. the 

force effect as a function of the frequency, can be adapted by varying the wire cross-section and the 

number of turns. However, it must be taken into account that the electrical cutoff frequency, which is 

determined by the inductance of the coils in the magnetic circuit, is well below the working range of 

the control system. The thermal properties can also be modified here. 

 

 

 

Figure 3 – Two actuators with different operating principles  for power generation: Shown are  stator (a), 

armature (b) , solenoid coil (c) and permanent magnet (d) – LH: Lorentz force with  electro-dynamic mode 

of operation – RH: Reluctance drive with electro-magnetic mode of operation 

 

In order to implement a linear drive with the boundary conditions described above, there are 

basically two principles of action that need to be narrowed down. The first is the electrodynamic drive, 

whose operating principle goes back to Hendrik Antoon Lorentz [1]. A possible implementation is 

shown in Figure 3 on the left. A coil dips into an annular gap containing a magnetic field. This is 

generated by a permanent magnet and guided through an iron yoke. This plunger coil is drawn into 

the iron annular gap by current (Lorentz force). The current/force characteristic curve is very linear, 

since saturation effects in the iron do not occur here when current is applied. If the plunger coil is 

longer than the height of the radial magnetic field, the force/displacement characteristic curve is also 

linear. A technological challenge that can be overcome is the contacting of the moving coil. On the 

other hand, the power yield, which is not achieved under the described general conditions, is 

problematic. 

An alternative is the reluctance drive (see Figure 3 on the right). Here, too, two magnetic fields 

interact, one generated by a permanent magnet and one by a coil. Preferably, the permanent magnet is 

located as a ring on the inner armature and the coil in the outer stator. Variants of this are also known 

[4]. 
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Figure 4 – Results of a simulation using Finite Element Analysis for optimization of the drive – LH: Field 

distribution when the solenoids are energized. The structural interference at the lower end and the 

destructive interference at the upper end can be identified. The action of force on the armature is here 

towards the top – RH: Force mapping after optimization. The force is applied as a function of the stroke 

and the coil current. 

 

The force effect results from the only partial overlapping of the front surfaces of the yokes of stator 

and armature on the upper and lower side of the actuator. Without current, the fields generated by the 

permanent magnet in the annular gap between the yoke ends and thus the forces on both sides are the 

same. A second magnetic field is generated around the coil by current supply, which is superimposed 

constructively at one end with the magnetic field of the permanent magnet and destructively at the 

other end. On the side of the constructive superposition, the force increases which wants to reduce the 

resistance of the magnetic circuit by the yokes overlapping each other more strongly. On the 

destructive superposition side, the counterforce decreases. An example of a field distribution is shown 

in Figure 4 on the left. As a result, Figure 4 on the right shows the force field, i.e. the force as a 

function of the stroke and the coil current. 

 

The superposition processes generally do not lead to linear characteristic curves. However, since two 

sub-processes compete in the reluctance drive shown here, linear characteristics can be set in a 

restricted stroke range. It is important that linearity and force can be adapted to the application. This 

means that the requirements agreed above can be implemented. 

 

3.3 Control unit 

In order to design an active mount from a hydraulically damping mount, the implementation of an 

actuator is not sufficient. In addition, a control unit is required which calculates a control signal on 

the basis of the acceleration signal together with other input variables and uses this to control the 

actuator via power electronics. The architecture of this ECU (electronic control unit) is shown 

schematically in Figure 5. The target frequencies for which the active mount is to isolate are first 

calculated from the signal from the crankshaft sensor. The signal supplied by the acceleration signal 

is filtered for harmonic components with these target frequencies. An algorithm then calculates the 

amplitude and phase of the current required to isolate the contributions at the target frequency and 

uses this signal to control the power electronics (H-bridge), which then supply the actuator with 

current. The force effect of the actuator influences the signal at the acceleration sensor, which provides 
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its signal again for adaptation. In addition, the ECU performs diagnostic jobs and monitors the CAN 

(Controller Area Network) for communication with the vehicle ECU. 

 

Figure 5 – System architecture of the active engine mount 

 

3.4 Effect in the vehicle 

To assess the functionality of the overall system, the mode of action in the vehicle is described 

below. In the following application, the active engine mounts carry an in-line four-cylinder engine. 

With this engine, the second engine order is the first order not balanced due to the ignition processes. 

Another unbalanced engine order is the fourth. The aim now is to eliminate the force fluctuations with 

the frequencies belonging to these orders on the mount housing despite the harmonious engine-side 

excitation. A measure for these force fluctuations is the signal transmitted by the acceleration sensor. 

Figure 7 on the left shows the signal from the accelerometer mounted on the housing as a function of 

the engine orders and the engine speed in the form of a Campbell diagram. The high acceleration 

values of the second and fourth engine orders can be seen. This diagram was created with the engine 

mounts deactivated. In contrast, Figure 7 on the right shows the same diagram with active engine 

mounts, where the system eliminates both orders. A reduction of the second and fourth engine orders 

to noise level can be seen.  

 

 

Figure 7– Acceleration as a function of revolutions per minute (speed), applied via the engine order of a 

four-cylinder engine. The color shows the acceleration according to the scaling RH. – LH: Recording with 

deactivated engine mounts – RH: Recording with activated engine mounts. 
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For the quantitative evaluation, the temporal course of the switch-on and switch-off of the mounts 

is to be considered. Figure 8 on the left shows the acceleration as a function of the engine orders at a 

speed of 2000 rpm during the switching operations of the second order. Here, too, the signal is reduced 

to the level of the noise. 

 

 

Figure 8– Acceleration as a function of speed, plotted over the engine order of a four-

cylinder engine. The color shows the acceleration value according to the scaling on the 

right. - Left: Right: image with activated engine mounts. 

Figure 9– Development over time of acceleration at a fixed speed of 2000 rpm during 

activating and deactivating of active engine mounts, applied via the engine order of a 

four-cylinder engine. – LH: The color shows the acceleration figure according to the 

scaling RH. – RH: The development of the second engine order is shown. 

Finally, Figure 8 on the right shows the time course of the acceleration at a speed of 2000 rpm 

during the switching operations. A reduction of 20 dB within 300 ms and a total reduction of up to 30 

dB can be seen. 

 

4. Conclusions 

Only by application of active engine mounts it is possible to eliminate the conflict of objectives 

between firm powertrain suspension systems on the one hand and isolation of disturbing vibration and 

noise on the other hand. Thus, the range of possible measures to reduce consumption in engine 

suspension systems increases significantly. A precondition is, however, a design that is tailored to the 

specific needs of the individual application case. This representation describes the structure and mode 

of operation of active engine mounts. In this respect, special aspects such as the selection of the 

appropriate operating principle for the actuator play a key role and are the precondition for the 

manufacture of tailor-made systems. Thus, active engine mounts enable the consistent implementation 

of the consumption reduction measures. 
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Abstract
This paper presents a simulation-based design process for a fuzzy-controlled semi-active suspension system
applied to a real-time vehicle simulation. Firstly a control architecture for the fuzzy-logic controller is defined.
Secondly different Genetic Algorithms (GAs) are configured for the optimization of the control parameters. A
multi-objective optimization is performed in order to simultaneously improve safety and comfort of the driving
vehicle, defined using two independent cost functions. The contact forces at the wheels estimate the driving
safety and the vibration in the car body indicates driving comfort. The performance of the controller is com-
pared for each set of parameters obtained by the different GAs adopted. A reduced order real-time simulation
environment has been set up for a holistic vehicle simulation, which includes a Finite Element Model (FEM) of
the chassis, non-linear suspensions, multi-body physics and the designed digital controller. Finally, the real-time
environment is integrated into an overall optimization process and is used for fitness evaluation. The semi-active
system under test allows shifting the Pareto front beyond the limit of passive systems, achieving simultaneously
better safety and comfort. The different GAs come up with various near-optimal solutions, which are compared
using their Pareto fronts.
Keywords: Genetic Algorithms, Semi-Active Suspension, Pareto Front, Multi-objective Optimization

1 INTRODUCTION
The suspension system of a vehicle is a key component for safety and comfort. Hence, the design of a vehicle
suspension system is of particular importance as safety and comfort are contradictory requirements and often a
trade-off between safety and comfort has to be chosen. The respective individual optimal solutions regarding
safety and comfort are characterized by a Pareto front. In order to overcome the limits of traditional suspension
systems, active suspensions provide improvements by applying an extra force along the in-parallel arrangement
of the damper and the spring. Semi-active dampers provide a trade-off by changing the behavior of the damper
without the power requirements of an active system. Various control approaches have been the scope of past
and recent research activities. An application of fuzzy control for suspension can be found in [1] for the active
suspension of a motor coach. A fuzzy controller was also used to address the non-linearity of a semi-active
damper [2]. It creates four areas defined by the impact of the voltage at the damper on the dynamical system.
Feedback gains corresponding to those areas are used to calculate the reference for the voltage at the damper.
A commonly used control strategy for active or semi-active suspension is the skyhook controller. This method
consists in creating a virtual suspension between the vehicle and a fix point in the sky. A skyhook controller for
a semi-active damper is proposed in [3] whereas the parameters of such a controller can further be optimized
to improve comfort and road holding [4]. In [5], sky- and groundhook controllers are applied to the semi-active
dampers of a complete vehicle model. In many cases, control parameters have to be optimized with regard to
a specific target behavior. Several classes of Genetics Algorithms (GAs) were developed in order to find near-
optimal solutions to an optimization problem. GAs are metaheuristic methods based on the natural evolution of
a population: the survival of the fittest. Sets of parameters are seen as individuals who mate, mutate and are
selected according to objective functions. Distributed Evolutionary Algorithm in Python (DEAP) [6] provides a
library to prototype such optimization processes. The optimization of a fuzzy controller for an active damper
via Particle Swarm Optimization (PSO) is described in [7], where the antecedents of the fuzzy control are
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optimized for a single objective. In a previous work [8], the authors of this paper compared different methods
for a semi-active damper with two objective functions: Evolution Algorithm (EA), Evolution Strategy (ES) and
PSO.
This paper illustrates the application of a semi-active suspension which is driven by a fuzzy controller. As sev-
eral control parameters have to be optimized simultaneously, the optimization makes use of the Python package
DEAP implementing an ES [9], where the mutation parameters are also taken into account in the evolutionary
process. The proposed multi-objective optimization uses the selection method of the Strength Pareto Evolu-
tionary Algorithm 2 (SPEA2) described in [10]. For a fast simulation-based control design, a Python interface
manages the data transfer between the host PC running the Python DEAP package and a real-time simulation
hardware implementing a high-precision simulation model of the full vehicle.
Besides that, the paper is organized as follows: Firstly the system under test is presented, consisting of the
simulation model and the control method. Secondly the optimization of the parameters using an ES is described.
Eventually some simulations results are discussed in order to compare the control laws obtained by different
optimization settings against a sky-/groundhook method.

2 SYSTEM DESCRIPTION
The simulation model of the vehicle is based on a non-linear Multi-Body System (MBS) composed of the
chassis, suspensions, wheels, tires and powertrain. A reduced order Finite Element Model (FEM) of the car
body includes 16 high-frequency modes of the car’s chassis up to 100 Hz. The semi-active dampers along with
the control law are implemented in Simulink. The excitation comes from a generated road profile and some
driving behavior based on interaction with the gas and brake pedals as well as with the steering wheel. The
interfaces between the different parts can be found in Figure 1. The subsystems are interacting with each other
via velocities and forces.

Figure 1. Structure of the model of the vehicle and connection of the real-time simulation environment to the
Python DEAP package.

Only the FEM is a linear model. The MBS and the semi-active damper present non-linear behaviors, making a
model-based control difficult to implement and encouraging a simulation-based approach.
The current flowing through the damper determines its behavior: for 0 A the damper is hard i.e. its viscous
coefficient is high whereas it is soft (low viscous coefficient) for 1.5 A. In the following, the current in the
damper is normed by 1.5 A in order to deal with a value between 0 and 1. Figure 2 shows the structure of the
fuzzy controller.
The inputs are the displacement and the velocity differences x and v at the suspension. Corresponding weighting
factors ωdisp,i(x) and ωspeed, j(v), also called antecedents are computed according to the membership functions

x 7→ ωdisp,i(x) ∈ [0,1] for i ∈ [1..Ndisp]

v 7→ ωspeed, j(v) ∈ [0,1] for j ∈ [1..Nspeed],
(1)
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Figure 2. Structure of the fuzzy controller. The current is calculated according to the velocity and the displace-
ment of the suspension.

where Ndisp and Nspeed are respectively the number of membership functions related to the displacement and
speed. Each membership function has a triangular shape as in the left part of Figure 2 and is defined by its
center i.e. the position of its maximum. The output, i.e. the current flowing through the damper I is calculated
by

I =
Nspeed

∑
j=1

Ndisp

∑
i=1

ωdisp,i(x)ωspeed, j(v)Ii, j (2)

where the Ii, j are the consequents of the controller, i.e. the value of the output at the points of the map formed
by the partition of the velocity and the displacement. The fuzzy control law is defined by the positions of
the centers for the antecedents calculation and the entries of the 2-dimension table defining the consequents.
For comparison, a simple sky-/groundhook controller is implemented by merging a skyhook and a groundhook
controller. The skyhook controller sets the damper to its hard configuration (normed current of 0) if the velocity
of the car body vbody has the same direction as the velocity difference of the suspension v. Otherwise the
damper is soft (normed current of 1).

Isky =

{
0, if vbodyv > 0
1, otherwise

(3)

The groundhook controller sets the damper to its hard configuration (normed current of 0) if the difference of
the vertical velocities of the wheel and the road vwheel− vroad has the same direction as the velocity difference
of the suspension v. Otherwise the damper is soft (normed current of 1).

Iground =

{
0, if (vwheel− vroad)v > 0
1, otherwise

(4)

The resulting driving current I is then calculated using the weighted combination of the skyhook and ground-
hook output, where α ∈ [0,1] is the weighting parameter:

I = αIsky +(1−α)Iground. (5)
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3 OPTIMIZATION WITH GENETIC ALGORITHM
Due to the large amount of control parameters to be optimized within a simulation-based control design pro-
cedure, an ES is chosen for parameter optimization. As stated before, the optimization is implemented within
the Python DEAP package [6]. An ES is a type of GA where an individual inherits the mutation properties
from its parents. It means for each gene there is a so-called strategy defining the standard deviation of the
mutation of this gene. For a more detailed explanation of the ES, the reader is invited to have a look at [9]. In
the following the implementation of the ES as used for the optimization of the fuzzy parameters is presented.
Two parents are generating two children by exchanging one part of their genome via the two points cross-
over method (Python DEAP: cxESTwoPoint). Two points are randomly chosen for both parents and the part of
the genome between those two points is exchanged to create the two children. Each gene has then the same
probability of undergoing a mutation. When it does, the corresponding strategy first undergoes a multiplicative
mutation following a log-normal distribution (Python DEAP: mutESLogNormal). It means the current value of
the strategy is multiplied by a factor y, where y is a realization of eX with X following a normal distribution.
The gene undergoes a normally-distributed mutation, where the standard deviation is the newly calculated strat-
egy. Every child is then evaluated, i.e. its fitness is calculated by means of the related real-time simulation
environment (c.f. Figure 1). Since the fitness depends on the genome, it is expected that the individuals have
different fitnesses.Within the scope of the work presented, the fitness function is to be minimized, i.e. the aim
of the algorithm is to reduce the fitness. Evaluating the fitness is the most time-consuming step, since it requires
to run a simulation, whereas all the other steps are only simple calculations. The selection process takes the
best individuals from the old population and the offspring to define the new population. This method is known
as (µ +λ )-selection. It has the advantage of ensuring convergence in the sense that the new population is at
least as good as the previous one. For multi-objective problems, the selection is not universally defined because
there is no canonical relation of order in multi-dimensional spaces. Thus the SPEA2 [10] selection process
(Python DEAP: selSPEA2) is used. It is based on the Pareto front concept and the notion of domination: an
individual A dominates an individual B if and only if the values of the fitness of A are smaller than those of B
and at least one is strictly smaller. All the non-dominated individuals are forming the Pareto front.

3.1 Application to semi-active suspension
To optimize the multi-parameter control law of a semi-active damper, either the outputs (consequents) or both
the centers (antecedents) and the outputs form the genome of an individual. In this case the genome of each
individual consists of parameters defining a fuzzy controller: the consequents and the positions of the centers.
In a previous work [8], the same authors only optimized the consequents. The consequents are normed currents
between 0 and 1 and the centers lie between ±4 ms−1 for the velocity and ±0.1 m for the displacement. When
only the consequents are optimized, the centers are uniformly set between ±2 ms−1 for the velocity and between
±0.15 m for the displacement. The genome of an individual contains the information of the control law: the
antecedents defines the membership functions of Equation 1 and the consequents are the parameters Ii, j of
Equation 2.
The fitness is composed of two values: one defining the safety and one defining the comfort. An individual is
evaluated by running the simulation of a car with the control parameters corresponding to its genome for the
time Tsim. The two objective functions defining the fitness are computed from the simulation results. The safety
cost Jsafety takes into account the contact forces Fi between the tires i and the road: when those are smaller
than a given threshold F0, the square of the difference increases the cost as in Equation 6.

Jsafety =
1

Tsim

∫ Tsim

0

4

∑
i=1

min((Fi(t)−F0),0)
2 dt (6)

The comfort cost Jcomfort takes into account the derivative of the velocity of a point in the car body (i.e. the
seat rail) vlf, filtered (Butterworth low-pass filter, order: 8, cut-off frequency: 10 Hz) in order to penalize only
the low frequencies up to 10 Hz.
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Jcomfort =
1

Tsim

∫ Tsim

0

(
d
dt

vlf(t)
)2

dt (7)

In this application, the ES runs for 100 generations and the population consists of 20 individuals for each
generation.

4 SIMULATION RESULTS
Several simulations are run with different controllers. The first configuration involves a setup where each con-
troller configuration is characterized by a constant damper current (Constant). The Sky/ground controller con-
figuration implements a sky-/groundhook control (c.f. Equation 5) with different weight values α . The third
configuration ES25 indicates a fuzzy controller according to Equation 2 where five membership functions are
selected for the velocity and displacement input respectively which leads to a total of 25 consequents to be op-
timized. The fourth configuration ES100 increases the number of membership functions to a total of ten for the
velocity and the displacement input respectively leading to a total of 100 consequents to be optimized. Within
the last configuration ES25+10, again five membership functions for the velocity and the displacement input
are used leading to the optimization of 25 consequents, together with the centers of the membership functions
ωspeed, j and ωdisp,i for the velocity and the displacement input respectively. The last configuration involves a
total of 35 independent control parameters to be optimized by means of the ES.
In Figure 3 the fitnesses of the individuals of each of the 100 generations are represented for the ES with
optimizations of centers and consequents: ES25+10.

Figure 3. Generations 1 to 100 of the ES25+10.

The first generation is spread out over a large area with high costs. With increasing generation number, due to
the selection process both fitnesses decrease, leading to better trade-off between safety and comfort. Also, the
formation of a Pareto front indicating a multitude of respective optimal parameter configurations is becoming
obvious in this illustration. The different controller configurations are compared by the evaluation of their Pareto
front after 100 generations in Figure 4.
The sky-/groundhook control Sky/ground is found to be slightly better than the configuration Constant imple-
menting a constant current. Also it should be noted, that the Sky/ground configuration only forms a small set
of solutions mainly varying the driving comfort for different control parameters. The optimized fuzzy controller
ES25 with 25 parameters shows better performances for both driving safety and comfort with a large Pareto
front and the configuration ES100 with 100 parameters is even better. The best performance for both driving
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Figure 4. Pareto fronts of the ESs after 100 generations versus constant current and sky-/groundhook.

safety as well as comfort is achieved by the ES25+10 configuration. This configuration also shows a small
Pareto front concentrating control parameter configurations leading to high driving safety and comfort. The
non-intuitive results is that ES25+10 is better than ES100. It shows optimizing the centers has a significant
impact and is highly advisable compared to just increasing the number of consequents.
An exemplary parameter set for an optimized fuzzy controller obtained by ES25+10 is represented by two
illustrations in Figure 5. Figure 5a underlines the relationship between the centers related to the velocity, the
ones related to the displacement and the values of the consequents. In Figure 5b, the values of the same
individual are interpolated in order to describe the control law by presenting directly the normed current as a
function of the velocity and the displacement of the input of the fuzzy-based suspension controller.

(a) Genome of an individual. (b) Inputs-Output law.

Figure 5. Representations of an exemplary optimized fuzzy controller (with ES25+10). The blue points in (b)
are the position of the centers, i.e. the entries of (a).

It can be seen in Figure 5a for this member of the Pareto front of ES25+10 that some centers are very close
to each other and the corresponding consequents are very different. For example the current changes drastically
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for a small change of displacement: 0 to 1 when the displacement changes from −0.065 m to −0.062 m for a
velocity of −1.2 ms−1. It sharpens the control law representation of Figure 5b.
To evaluate the robustness of the solutions, the Pareto fronts of the controller configurations Constant, ES25
and ES25+10 are evaluated with new simulations. The model of the vehicle stays the same, but the external
excitations are different: a new road profile is used and the driver adopts a new behavior. The resulting fitnesses
are presented in Figure 6.

Figure 6. Evaluation of the Pareto fronts with different external conditions.

Comparing the results for a different excitation mechanism, again confirms the results gained by the previous
investigation. Even though a slightly higher driving comfort can be achieved with a constant damper current
(Constant) for the given excitation mechanism, a higher driving safety whilst maintaining a comfortable over-
all behavior at the same time can only be achieved by introducing fuzzy-based suspension control. Obviously,
a suitable control parameter configuration has to be selected from the Pareto front of the design space. In-
terestingly, all parameter configurations of the ES25+10 configuration show a comparable better performance
compared to a fixed current setup.

5 CONCLUSIONS
A simulation-based approach was used to develop a control law for the semi-active suspension of a vehicle.
Following an Evolution Strategy, a near-optimal fuzzy controller was implemented to increase comfort and safety
in the vehicle in comparison to simple control laws: sky/groundhook and constant current. The robustness was
briefly investigated by evaluating the solution with different external conditions. One main aspect is that the
model of the vehicle is only used to evaluate the fitness. Therefore the proposed method is highly flexible and
can be used with models of different structure, representation or complexity as long as it can be simulated and
yields meaningful fitness values. One of the remaining challenges is the estimation of the distance between the
obtained near-optimal solutions and the optimal solution.
The results obtained within the scope of this work further motivate the development of automatized NVH design
processes based upon multi-objective optimization. Combined with the increasing accuracy of simulation-based
NVH design processes, this will possibly open up new application areas of complex adaptive NVH systems
based upon multi-parameter fuzzy-based control approaches.
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ABSTRACT 
Active resonator silencer cassettes (ASCs) are composed of a housed loudspeaker coupled with a microphone 
sensor via an analog electronic control loop. ASC-units are very efficient in attenuating low-frequency noise, 
especially in applications with tight constraints on the available installation space. At the Fraunhofer IBP the 
design of ASC-units, ASC-arrays and their practical application has been investigated for more than two 
decades. This paper gives a brief overview on the characteristics, the performance and some practical 
applications of classical ASC-units and arrays. Classical ASC-units have dimensions in the range of 
decimeters. More resent work on ASCs at the Fraunhofer IBP has been focused on the design of much leaner 
units with dimensions in the range of centimeters. Scaling the dimensions of the ASC-units down by an order 
of magnitude widens the range of possible applications, but also comes with a number of design challenges. 
In this paper, these design challenges and the characteristics of the lean ASC-units and arrays are discussed. 
The paper also presents results of studies where the lean ASC-units are used to build up a compact active 
noise control system for a partly opened sliding window, and a compact active silencer system for a domestic 
ventilation duct. 
 
Keywords: Active Noise Control, Silencer 

1. INTRODUCTION 
Noise pollution is an important issue in industrialized societies. Hence, noise control and sound 

design are an important criterion in the development of many products and installations. Most exhaust 
and ventilation systems comprise specifically designed silencers and/or absorbers in order to reduce 
noise emissions. Conventional silencers usually comprise porous absorbers and/or acoustics 
resonators. Porous absorbers have a broadband absorption characteristic, which mainly depends on 
the flow resistivity of the absorption martial. Towards low frequencies, the effectiveness of porous 
absorption layers is limited by their thickness, which should be about one quarter of the acoustic 
wavelength (1). Acoustic resonators e.g. Helmholtz resonators or λ/4 resonators, have a band limited 
absorption characteristic, which depends on the tuning frequency and inner damping (2). The tuning 
frequency and efficiency of acoustic resonators largely depends on the resonator back volume. Hence, 
due to the long acoustic wavelength at low frequencies, conventional silencer concepts require large 
installation space. 

For applications where the installation space is limited active noise control (ANC) approaches can 
be an alternative. There are many different ANC concepts for various applications. In general, these 
approaches maybe subdivided in two main classes, feed forwards ANC and feedback ANC. Feed 
forward ANC requires an error and reference sensor (physical or virtual), a control transducer and a 
controller. In most practical applications, an adaptive control algorithm is implemented on a digital 
signal processor (DSP); an example for a feedforward ANC module for ventilation ducts is described 
in (3). Feedback ANC systems usually comprises a sensor-actuator pair, coupled via a feedback control 
loop. This feedback control loop may be implemented on a DSP or as an analog electronic circuit. In 
theory, feedback loops with perfectly collocated and mutual dual sensor-actuator pairs are 
unconditionally stable. However, practical feedback loops are only conditionally stable up to a 
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2 karlheinz.bay@ibp.fraunhofer.de 
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maximum stable feedback gain and may produce unwanted control spillover effects. Hence, the gain 
of a feedback ANC system needs to be carefully tuned. Nevertheless, implementing a feedback 
controller using an analog circuit has the benefit, that the hardware costs and system complexity is 
relatively low. One example of a successful implementation are active resonator silencer cassettes 
(ASCs), which have been developed at the Fraunhofer IBP for more than two decades (4). 

The second section of this paper gives a brief overview on the characteristics, the performance and 
some practical applications of ‘classical’ ASC-units and arrays, which have dimensions in the range 
of decimeters. The third section of the paper describes more resent work on ASCs, which has been 
focused on the design of much leaner ASCs with dimensions in the range of centimeters. The fourth 
section of the paper presents the key results on practical applications of lean ASC-units and arrays in 
a compact active noise control system for a partly opened sliding window (5), and a compact active 
silencer system for a round ventilation duct (6). Finally, the results are summarized and possible future 
work on lean ASC-units is discussed. 

2. CLASSICAL ASC 
An ASC comprises a loudspeaker mounted in an air thigh casing, a microphone, which is mounted 

in close vicinity of the loudspeaker membrane and an analog electronic controller circuit with 
adjustable gain. The basic components of a ‘classical’ ASC are shown in Figure 1a. In essence, a 
passive ASC is a mass-spring-damper system. The loudspeaker membrane is the mass and the 
membrane suspension and the enclosed air volume in the casing form the spring. Viscoelasticity in 
the membrane suspension and other effects introduces some damping to the resonant system. 
Figure 1b shows that the absorption coefficient of the passive ASC (control off) has a relatively sharp 
peak at around 125 Hz, which is the resonance frequency of the spring-mass-damper system. Closing 
the feedback loop around the microphone-loudspeaker pair (control on), amplifies the natural 
membrane movement around the ASC resonance frequency. Figure 1b shows that for the absorption 
coefficient of the activated ASC, the peak around 125 Hz is much wider in frequency and has a much 
higher amplitude. As reference, Figure 1b also shows the absorption characteristics of a porous 
absorber, which is not efficient at low frequencies. 

a) b) 
 

  
Figure 1 a) 3D drawing of an ASC; b) sound absorption coefficient (normal incidence angle) of a porous 

absorber and an ASC with open and closed control loop. 

2.1 Classical ASC applications 
In the past ASCs have been successfully applied as low frequency absorbers in various technical 

noise control applications (7, 8, 9). Figure 2 shows three concepts for ASC silencer systems. The first 
concept, shown in Figure 2a, comprises an ASC flush mounted in the wall of a duct, with porous 
absorption material mounted on the opposing duct wall. This concept is suitable for air ventilation 
ducts with relatively low flow speeds and normal climate conditions. The second concept, shown in 
Figure 2b, is similar to the first, but is specifically designed for the application in the exhausts of 
heating systems, where burners produce low-frequency noise. In such a system, the ASC is mounted 
in a branch of the duct in order to take it out of flow and to reduce the impact of high exhaust gas 
temperatures. It needs to be considered, that this influences the effective resonance frequency of the 
ASC. A foil is used to protect the electro-mechanical components from heat and condensate. The third 
concept, shown in Figure 2c, comprises an ASC mounted in a labyrinth wall opening. Such openings 
in walls of buildings and enclosures are often needed to provide pressure equalization, natural 
ventilation, suck in fresh air and expel exhaust gases. 
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        a)    b)        c) 

   
Figure 2 – Sketch of ASCs concepts for: a) an active duct silencer; b) an active silencer for heating 

systems; c) an active labyrinth wall opening. 

Another typical application of ASC-Systems are splitter silencers for larger ventilation systems. 
As illustrated in Figure 3a, for this application usually arrays of ASCs are employed in combination 
with passive absorber splitters. As shown in Figure 3b, at low frequencies the insertion loss (IL) of 
the splitter silencer with ASCs is higher than for an equivalent splitter silencer employing only porous 
absorbers. In order to get a good broadband performance it is important to combine ASC-systems with 
appropriate porous absorbers. Towards high frequencies, the performance of splitter silencers is 
limited by the width of the gap between the splitters. The results in Figure 3b also illustrate an 
interesting effect; the attenuation maximum of the ASCs varies with the microphone position upstream 
or in the center axis of the ASC-loudspeakers. This has to do with the slight change in the delay 
between the acoustic signal picked up by the microphone and the loudspeaker reaction to it. This 
changes the open loop transfer function of the closed feedback control loop. 

a) b) 

  
Figure 3 – a) 3D Sketch of ASC array splitters in a ventilation duct; b) The IL according to ISO 7235 

(position of the ASC detection microphone is varied). 

Figure 4 shows pictures of commercial applications of the active silencers concepts discussed 
above. All these practical systems provide significantly higher noise attenuation at low frequencies 
than porous absorbers of the same size. The main drawback is the relatively high costs of such silencer 
systems. Therefore, they have only be successful in applications where restrictions in installations 
space outweighed the increased costs. 

a) b) c) 

   
Figure 4 – Pictures of practical active silencer applications; a) ASCs top of a HVAC server unit; 

b) a compact active silencer at the exhaust side of a heating system; c) splitter silencer in a wind tunnel. 
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In all ASC applications, it is important to fine-tune the feedback gain of the ASCs in order to 
achieve good low frequency performance and to limit high frequency spillover effects. In 
appropriately designed and tuned silencer systems passive porous absorbers counter balance active 
control spillover effects of the ASCs. 

3. LEAN ASC DESIGN 
Classical ASCs have dimensions in the range of decimeters, i.e. 250x250x200 mm3. This limits the 

range of applications to which they can be applied. For example the concept of an ASC in an labyrinth 
wall opening shown in Figure 2c would only be feasible for relatively thick wall constructions but not 
for thin walled lightweight enclosures. In addition, the production costs of classical ASC has proven 
to be too high for a wider commercialization. Hence, in order to widen the range of possible 
applications and reduce manufacturing costs, resent work on ASCs has been focused on the design of 
much leaner ASCs with dimensions in the range of centimeters, i.e. 50x50x50 mm3. As indicated in 
Figure 5, the initial idea was to replace a ‘classical’ ASC by an 5x5 array of lean ASCs, which has the 
same effective area but only requires a quarter of the installation height. Scaling the dimensions of 
the ASC down by almost an order of magnitude comes with a number of design challenges. This 
section addresses the design challenges and discusses the characteristics of the lean ASC-units and 
ASC-line-arrays. The concept of a 5x5 ASC array has not yet been implemented. 

a) b) 

  
Figure 5 – a) Schematics of a ‘classical’ ASC and b) Schematics of a lean ASC design and a concept for 

a 5x5 array of lean ASCs with equivalent effective area as a ‘classical’ ASC. 

3.1 Scaling and design of ASC arrays 
As discussed in Section 2, a passive ASC is a mass-spring-damper system. Hence reducing the size 

of the loudspeaker and reducing the air volume enclosed by the casing, increases the resonance 
frequency. Furthermore, small loudspeakers have a lower stroke limit, which limits the maximum 
sound power output at low frequencies. This is contrary to the idea of using ASCs for the reduction 
of low frequency noise. In order to investigate concepts and components for lean ASCs a test set-up 
has been designed, which implements the ASC concept shown in Figure 2a. The set-up comprises a 
duct with a rectangular cross section of 50x50 mm² with a primary noise source at one end and an 
anechoic termination at the other. Figure 6a shows with Type A and Type C two examples of lean ASC 
designs that were investigated. Figure 6b shows the ILs for different types of ASC designs. Compared 
to the ‘classical’ ASCs, shown in Figure 1, the resonance frequency of the lean ASCs is about three 
to four times higher. Nevertheless, for some designs an IL of over 10dB is achieved in the frequency 
range between 125 Hz and 500 Hz. All lean ASC designs investigated produce control spillover effects 
in the frequency range between 800 Hz to 1000 Hz. This may be improved by optimizing the 
characteristics of the feedback loop control circuit. 

a) b) 
Type A 

 

Type C 

 
 

Figure 6 – a) Pictures of two lean ASC designs; b) results of the IL for three types of lean ASC designs. 
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Based on the results for single ASCs, the ASC design type ‘C’ was selected for studies on ASC-
line arrays comprising a total of four individual ASCs in a decentralized Multi Input Multi Output 
(MIMO) feedback control scheme. Figure 7a shows a picture of the ASC line array. The results for 
the ILs with one, two, three or all four ASCs switched on simultaneous are presented in Figure 7b. 
The interaction between the individual ASCs reduces the stability of the MIMO system. Hence, the 
feedback gains were set such that the MIMO system, with all four ASCs switched on, remained stable. 
Therefore, the IL results for one active ASC are about 5 dB lower than those for a single type ‘C’ ASC 
shown in Figure 6b. Nevertheless, using all four ASCs simultaneously yields an IL of more than 20 dB 
in the frequency range between 125 Hz and 315 Hz. However, the more ASCs are used simultaneously 
the higher are the spillover effects in the frequency range around 800 Hz. This indicates that MIMO 
ASC systems need to be handled with care and that further investigations on the stability of the MIMO 
feedback loop are required for additional improvement of the performance. 

a) b) 
 

 

 
Figure 7 – a) Picture of a lean ASC line array; b) results of the IL for one, two, three or four active ASCs. 

3.1.1 Application of activated carbon powder in the back volume 
In order to arrive at an even smaller installation height of the ASCs without shifting the ASC 

resonance frequency further up, the stiffness of the back volume in the casing needs to be reduced. In 
‘classical’ ASCs porous fibre material in the back volume is used to shift the resonance frequency, 
and the effective frequency range, down by a couple of Hz. One possible approach to drastically 
reduce the stiffness of the back volume is to evacuate the air. However, the low static atmospheric 
pressure in the back volume would require an entirely different transducer design, since conventional 
loudspeakers are not designed to operate at high static pressure differences (10).  

Another efficient, more practical approach is the application of activated carbon in the back volume. 
Activated carbon is available in different forms, e.g. as granulates and powders. Investigations and 
studies on the acoustic absorption characteristics of activated carbon have shown that fine loose 
activated carbon powder is the best filling to reduce the stiffness of the back volume of the lean ASCs 
(11). Figure 8a shows a prototypical loudspeaker casing with activated carbon powder filling. The 
loudspeaker is mounted with the outside of the membrane facing into the loudspeaker casing. This is 
because otherwise the fine activated carbon powder would enter into the gap between the coil and 
magnet of the voice coil motor. Figure 8b shows the spectra of the sound power levels generated by a 
loudspeaker mounted in a reference casing and a casing, which only has a quarter of the reference 
volume, with and without activated carbon powder filling. 

a) b) c) 
 

 
 

 

 

Figure 8 – a) prototypical loudspeaker casing with activated carbon powder filling; b) spectra of 
the sound power levels generated; c) picture of the resulting lean ASC design. 
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The results for the back volumes with carbon powder filling show that the resonance frequency of 
the loudspeaker system shifts towards lower frequencies by about one octave. Also, in the frequency 
range between about 250 Hz and 400 Hz the loudspeaker systems with small filled back volume and 
large empty back volume generate sound pressure levels of about the same magnitude. Using an 
activated carbon powder filling allows reducing the height of the lean ASC back volume to about 
20 mm. Applying a loudspeaker with slim driver design allows to design a lean ASC unit with a total 
installation height of about 25 mm. Figure 8c shows the resulting lean ASC design. 

4. LEAN ASC APPLICIONS 
Scaling the dimensions of the ASC-units down by an order of magnitude widens the range of 

possible applications. This section presents the key results of two studies in which lean ASC-units are 
used to build up compact active silencer systems. 

4.1 Sliding window with active gap 
Open windows are probably the easiest and most common way to ventilate rooms. However, open 

windows, even if only partly opened, do not provide efficient sound insulation. Hence, especially in 
noisy urban outdoor environments opening a window can cause unwanted acoustic transmissions to 
the inside. A concept to tackle this problem are windows with acoustically muffled ventilation gaps. 
Based on the ASC application concept shown in Figure 2c, lean ASC units where used to design an 
active noise control system for a partly opened sliding window (5). Figure 9a shows the 3D drawing 
of a sliding window. On the right hand side, the opening frame is extended with an L-shaped profile, 
which overlaps with the wall and ranges over the entire height of the window. Figure 9b illustrates, 
that this extension forms a labyrinth gap when the window slides partly open. At the end of the 
extension profile, a line array, consisting of 20 lean ASCs is installed to actively reduce low frequency 
noise transmission through the gap to the inside. Figure 9c shows one segment of the ASC line array, 
which itself consist of four individual ASC units. 

a) b) c) 

  
 

Figure 9 – a) 3D drawing of a sliding window; b) illustration of the labyrinth gap with ASCs; c) picture 
of a segment of the ASC line array. 

After preliminary studies, a prototypical life size window was constructed and installed in a sound 
transmission chamber, as shown Figure 10a. The results for the sound transmission loss (STL) 
measurements for the closed window, the open window without labyrinth profile, the open window 
with passive labyrinth profile and the open window with labyrinth profile and activated ASCs are 
presented in Figure 10b. The STL of the open window without acoustic treatment has a significantly 
lower STL than the closed window. The STL of the open window with passive labyrinth is similar to 
the STL of the window without acoustic treatment, except for frequencies above 1800 Hz where the 
passive treatment in the labyrinth gap becomes effective. 

a) b) 

  
Figure 10 – a) prototypical window installation in the test chamber; b) results of the STL measurements. 
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In the frequency range up to 400 Hz the STL of the open window with ANC is almost as high as 
the STL of the closed window. The weighted STL of the open window with ANC is about 4 dB higher 
than that of the open window without acoustic treatment. However, the relatively poor STL in the 
frequency range between 400 Hz and 2500 Hz limits the value of the weighted STL. However, overall 
the results of the experimental studies on the sliding windows with active gap are promising. 
Shortcomings that result in the poor STL in the frequency range between 400 Hz and 2500 Hz may be 
overcome by developing passive acoustic treatments that compensate the active control spillover 
effects and cover the high frequency range more efficiently. 

4.2 Active silencer for a round ventilation duct 
Due to increasing requirements on energy efficiency and air tightness of buildings, forced 

ventilation systems are increasingly popular even for domestic dwellings. Hence, there is an 
increasing demand to reduce noise from Heating Ventilation and Air Conditioning (HVAC) systems. 
As discussed in the introduction, silencers for the control of low frequency noise require a relatively 
large installation space. By extending the ASC application concept, shown in Figure 2a, lean ASC 
units where used to design a compact active silencer system for a ventilation duct (6). The test set-up 
comprises a duct of circular cross section with a diameter of 130 mm, with a primary noise source at 
one end and an anechoic termination at the other. Figure 11a shows the basic ASC set-up including a 
20 mm thick porous absorption layer. Figure 11b shows a view into the duct. 

a) b) 

  
Figure 11 – a) Sketch of the ASC set-up; b) picture of the view into the duct. 

In the study various configurations of the active silencer components have been investigated, most 
notably the application of multiple control loudspeakers. Figure 12a shows the four principal control 
configurations considered a) a single ASC b) two ASCs mounted opposite of each other at an angel of 
180°, c) three ASCs mounted at angles of 120° and d) four ASCs mounted opposite of each other at 
angles of 90°. For simplicity, only the signal of one single microphone sensor was fed back in phase 
to all ASC-loudspeakers simultaneously. This reduces all configurations to a Single Input Single 
Output (SISO) feedback control system. The benefit of using two or more loudspeaker driven in phase 
is that the first cross-section mode of the duct at around 1547 Hz is not excited efficiently. Using three 
or more loudspeaker driven in phase results in an acoustic ring source (12), which does not efficiently 
excite higher cross-section modes of the duct. Figure 12b shows the results of the IL for all four ASC 
configurations. With increasing numbers of ASC-loudspeakers, the IL in the low frequency range up 
to about 600 Hz is increasing. For the configuration with three and four loudspeakers an IL of over 
14 dB is achieved around 200 Hz. However, with increasing number of ASC-loudspeakers the active 
control spillover effects around 1000 Hz are also increasing. For the configurations with one and two 
ASC-loudspeakers the passive porous absorption layer compensates the active control spillover. For 
the configuration with three ASC-loudspeakers, the control spillover effects are barely compensated. 
For the configuration with four ASC-loudspeakers the control spillover exceed the IL provided by the 
passive absorption layer, resulting in a negative overall IL in the frequency range between 800 Hz and 
1000 Hz. However, the results of the experimental studies on active silencers for a round ventilation 
duct with a SISO feedback control scheme are promising and encourage further investigations. Within 
this study, the stability of the feedback control loops was systematically investigated by measuring 
and analysing the open loop transfer functions of the feedback loops. This analysis provided 
interesting insights and hints for possible improvements. Further studies may investigate a SISO 
control system configuration that utilises the summed signal of all four ASC-microphones and a 
completely decentralised MIMO control scheme with four individual ASCs. 
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a) b) 

 
 

Figure 12 – a) sketch of four control ASC configurations; b) results of the IL for ASC configurations 
employing one, two, three or four ASC-loudspeakers. 

5. CONCLUSIONS 
This paper has given a brief overview on the characteristics, the performance and some practical 

applications of ‘classical’ ASCs, which have been developed at the Fraunhofer IBP over the last two 
decades. More resent work on lean ASCs has been presented, especially issues with the downscaling 
of the ASCs has been addressed and discussed in more detail. Due to their compactness, lean ASCs 
have a wider application range than ‘classical’ ASCs. In this paper, the key results of studies on 
practical applications where lean ASCs are used in a compact active noise control system for a partly 
opened sliding window and a compact active silencer system for a ventilation duct have been presented. 
The results are very promising. However, all studies on lean ASCs have shown that their performance 
is limited by active control spillover effect in the frequency range between 800 Hz and 1000 Hz, 
especially for configurations where multiple ASCs are used simultaneously. In order to improve the 
performance, further studies are needed to investigate the stability of SISO and MIMO ASC-systems. 
The aim of the Fraunhofer IBP is to develop innovative, commercially viable noise control concepts 
and products based on lean ASCs. 
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ABSTRACT 
According to Huygens’ principle, sound radiation through an opening can be completely reduced with a 
sufficient number of secondary sources over the entire opening, but secondary sources in the middle of the 
opening affect the functionalities of openings. In this paper, a boundary virtual sound barrier system is 
proposed. By applying double-layer secondary sources and error microphones both at the edge of the opening, 
such a system can achieve satisfactory noise reduction performance over a wide frequency band without 
blocking the opening. Experiments are carried out in the anechoic chamber to support the numerical 
simulation results. 
 
Keywords: Virtual sound barrier, Boundary, Opening 

1. INTRODUCTION 
Openings are widely used in our lives to keep natural ventilation and lighting of buildings, but they 

provide sound transmission paths and result in the noise radiation problem at the same time. The active 
noise control (ANC) technique is a good supplement to traditional passive noise reduction methods in 
controlling sound radiation through openings because it performs better in low frequency range while 
passive noise control is more effective for high frequencies, and unlike passive noise control methods, 
it does not require the opening to be sealed (1). 

Based on Huygens’ principle, it has been proposed in previous work to implement secondary 
sources over the entire opening, and it is demonstrated as an effective way to reduce sound radiation 
through openings (2, 3); however, secondary sources in the middle of the opening still block the 
opening and affect its functionalities. It is desired that the ANC system be implemented at the edge of 
the opening to keep the opening completely clear. Wang et al. investigated the performance of a 
double-layer secondary source system at the edge of the opening, and found that it outperforms the 
single-layer system with the same number of secondary sources and there exists an upper-limit 
frequency for such a double-layer system, which is related to the size of the opening (4, 5). Bhan et al. 
also worked on the boundary layout of secondary sources and found that it could attenuate noise as 
effectively as the fully-glazed window (6). 

In addition to the configuration of secondary sources, error sensing is another important part of 
ANC. To achieve global control, error microphones should provide signals proportional to the sound 
power. One way to obtain the sound power is to measure the sound intensity in the near field, but 
minimizing the near-field sound intensity suffers from the fact that it is a signed quantity (7). Qiu et al. 
compared eight different cost functions and found that the optimal cost function is the sum of the 
weighted mean active intensity in the direction normal to the surface surrounding the primary and 
secondary sources (8). In most cases, it is difficult to find the optimal locations for error microphones 
in the near field, and they are usually distributed over the entire opening to reduce noise radiation 
through the opening, which affect the functionalities of the opening as well (4). 
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In our previous work, a double-layer boundary error sensing arrangement was proposed and 
numerical simulations showed that the double-layer arrangement performs better than single-layer one 
(9). More detailed numerical simulations are carried out in this paper to explore the rules of active 
control with double-layer error microphones at the edge. Experiments conducted in the anechoic 
chamber are presented to support the numerical simulation results. 

2. MODEL 
Figure 1 shows a schematic diagram of the proposed virtual sound barrier system at  the edge of the 

cavity opening. In the system, secondary sources are distributed in two layers at the edge and they have 
the same coordinates in the x-y plane. Error microphones have similar layouts to the secondary sources 
and they are located above the secondary sources. The primary noise source is inside the open cavity. 
It is assumed that all the five walls are rigid, so sound outside is solely that transmitted through the 
opening. 

 

 
Figure – 1 The schematic diagram of the virtual sound barrier system at the edge of the cavity 

opening 
 

As the opening is the only sound transmission path from inside the cavity to the outside, the sound 
power of the system can be calculated as an integral of sound intensity over the entire opening  S. The 
sound power without active control is 

 *
off po po

1 Re d
2 S

W p v S , (1) 

where ppo and vpo are the primary sound pressures and particle velocities at the opening. The sound 
power with active control is the sum of the contributions of the primary source and all the secondary 
sources 

 *
on po so po so

1 Re [ ] [ ] d
2 S

W p p v v S , (2) 

where pso and vso are the secondary sound pressures and normal particle velocities at the opening. 
The noise reduction of the system is defined as the difference of the sound power level without and 
with control. 

 off
10

on

NR 10log W
W

. (3) 
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3. NUMERICAL SIMULATIONS 
In the numerical simulations, the size of the open cavity is 0.432 m  0.67 m  0.598 m, and there 

are a total of 20 secondary sources at the edge of z = 0.448 m and z = 0.498 m planes. Three 
configurations of error microphones are investigated: single-layer, double-layer and evenly distributed, 
and their positions in the x-y plane are shown in Fig. 2. The single-layer and evenly distributed error 
microphones are at z = 0.588 m plane and the double-layer error microphones are at z = 0.568 m and z 
= 0.588 m planes. To prevent the system from being underdetermined, more error microphones than 
secondary sources are used, and the number is 32 here. The primary source is a monopole point source 
located at (0.1, 0.1, 0.1) m inside the open cavity with a strength of 10 4 m3/s. 

 
Figure – 2 The positions of error microphones in the x-y plane: (a) the single-layer configuration, (b) 

the double-layer configuration, (c) the evenly distributed configuration 
 

The sum of the squared sound pressures at the error points is used as the cost function to obtain the 
strengths of secondary sources (10). The noise reduction of the system is calculated with Eq. (3). 
Figure 3 shows the sound power levels with and without control under the three configurations of error 
microphones. It is clear that the system with error microphones evenly distributed over the entire 
opening achieves the best noise reduction performance, and the one with double-layer error 
microphones outperforms that with single-layer ones at all the frequencies below 1000 Hz. 

 
Figure – 3 The sound power levels with and without control when 20 secondary sources are arranged 

in double-layer configuration 
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The effect of the heights of double-layer error microphones on the noise reduction performance is 
also investigated. There are still a total of 32 error microphones. Figure 4(a) shows the sound power 
levels with and without control when the distance between the two layers is fixed as 0.02 m, and it 
can be seen that the noise reduction performance improves when the error microphones are closer to 
the opening. If one of the layers is fixed at z = 0.518 m, and the other layer is placed at different 
heights, the sound power levels with and without control are shown in Fig. 4(b). Although all the 
configurations achieve satisfactory noise reductions below 1000 Hz in Fig. 4(b), there are still small 
differences between them and the system with the other layer closer to the opening performs the 
best. 

 
(a) 

 
(b) 

Figure – 4 The sound power levels with and without control with 20 double-layer secondary sources 
and 32 double-layer error microphones: (a) the distance between two layers of error microphones is 

fixed as 0.02 m, (b) one of the layers is fixed at z = 0.518 m plane 
 

Double layer error microphones also perform better than single-layer ones when the primary 
sound field is complicated. The primary source is simulated as 8 monopole point sources in a 0.1 m 

 0.1 m  0.1 m volume with random amplitudes and phases. Figure 5 shows the results for 32 
single-layer and double-layer error microphones. It is clear that the system with double-layer error 
microphones achieves higher noise reductions than that with single-layer ones. 

3284



 

 

 
Figure – 5 The sound power levels with and without control with 20 double-layer secondary sources 

and 32 double-layer error microphones when the primary sound field is complicated 
 

4. EXPERIMENTS 
Experiments were carried out in the anechoic chamber of Nanjing University. The open cavity was 

constructed with five 20 mm-thick acrylic glass plates and the size is 0.432 m  0.67 m  0.598 m. A 
total of 32 secondary sources were implemented at the edge of z = 0.448 m and z = 0.548 m planes. The 
primary source was a loudspeaker inside the open cavity which generated tonal sound field. Three 
configurations of error microphones: evenly distributed, single-layer and double-layer were 
investigated and the pictures of the three experimental setups are shown in Figs. 6(a)-(c). The 
single-layer and evenly distributed error microphones were installed in the opening plane. The 
double-layer error microphones were installed at the opening and the plane 0.02 m below it.  The 
waveform synthesis algorithm was used in the experiments; it applied the internally synthesized tonal 
signal as the reference signal, so no reference microphone was required here  (11). As shown in Fig. 
6(d), ten microphones fixed on a frame with a radius of 1.5 m were used to measure the  sound power 
levels with and without control (12). 

   
(a)                                    (b) 
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(c)                                  (d) 

Figure – 6 Pictures of the experimental setup: (a) evenly distributed error microphones, (b) 
single-layer error microphones, (c) double-layer error microphones, (d) the panoramic view in the 

anechoic chamber 
 

The sound power levels measured in the experiments with and without control are shown in Fig. 
7(a) and the corresponding numerical simulation results on the same configurations are shown in Fig. 
7(b). It can be seen from Fig. 7(a) that the system with evenly distributed error microphones achieve 
the best performance among the three configurations and the double-layer error microphones 
perform slightly better than the single-layer ones. 

It can be found by comparing Fig. 7(a) with Fig. 7(b) that the advantage of the double-layer error 
microphones over single-layer ones in the experiments is not as apparent as that in the numerical 
simulations. There are two possible reasons. One is that the error microphones used in the 
experiments have different sensitivities, and it is actually the sum of the squared electric signals 
picked up by the error microphones instead of the sum of the squared sound pressures at error points 
that is minimized in the experiments, which makes the noise reduction performance different from 
that in the numerical simulations. The other possible reason is that the error microphones in the 
experiments were not rigorously fixed at the positions they were supposed to be at. The reasons will 
be checked in the future. Future work also includes finding a proper way to pick up the reference 
signal, especially for practical sound fields. 

 
(a) 
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(b) 

Figure – 7 The sound power levels with and without control: (a) experimental results, (b) 
corresponding numerical simulation results 

 

5. CONCLUSIONS 
A boundary virtual sound barrier system with both double-layer secondary sources and error 

microphones at the edge is proposed to reduce sound radiation through openings. Numerical 
simulations show that similar to the conclusions for secondary source configurations, the system with 
double-layer error microphones performs better than that with single-layer ones, and the conclusion is 
still valid for complicated primary sound fields. It is also found that the performance of the system 
with double-layer error microphones improves if the error microphones are closer to the opening. 
Experimental results in the anechoic chamber show that the system with double-layer error 
microphones perform slightly better than that with single-layer ones, and the advantage is not as 
apparent as that in the numerical simulations. The reasons might be the different sensitivities and 
inaccurate positions of error microphones in the experiments.  
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Abstract
Estimating the position of an acoustic source is an essential step for many signal processing applications. Hence,
many approaches for acoustic source localization have been proposed in recent years, whereby most of them are
based on the estimation of the direction of arrival of a wavefront emitted by the acoustic source relative to an
observing microphone array. In contrast, the estimation of the source-microphone distance is much less inves-
tigated. Especially for complex sound fields in acoustic enclosures, a promising approach is to apply machine
learning approaches to learn the mapping of a distance-related feature to the corresponding source-microphone
distance. Here, we focus on a recently proposed method for distance estimation based on the coherent-to-diffuse
power ratio and Gaussian process regression. We investigate the influence of different probabilistic models re-
flected by the choice of kernel and mean functions of the Gaussian process employed for regression. The
influence of these choices is quantified by experiments.
Keywords: Distance estimation, Gaussian process regression, Coherent-to-Diffuse power Ratio

1 INTRODUCTION
Knowledge about the position of an acoustic source is crucial for many signal processing applications. There-
fore, significant research effort has been dedicated to the estimation of the Direction of Arrival (DOA) of
acoustic sources, which is usually based on simplified geometric models [10, 14, 5].
On the other side, the estimation of the source-microphone distance is much less investigated. Two main ap-
proaches for acoustic distance estimation can be distinguished: Approaches relying on precise knowledge of the
acoustic environment [12, 9] and learning-based approaches [16, 6, 7]. In this contribution, we consider a re-
cently developed method of the second kind: The ratio of the powers of coherent and diffuse signal components
has been proposed as a distance-related feature in [3]. Based on this, a localization strategy for acoustic sensor
networks, where the training of a Gaussian Process Regression (GPR) model and position estimation is realized
in a distributed manner, has been proposed [1, 2]. A fixed budget strategy for the distributed learning of the
underlying nonparametric model has been introduced in [4].
So far [?, 1, 4], the GPR model for the Coherent-to-Diffuse power Ratio (CDR)-based distance and position
estimation consisted of a mean function, which is identical to zero for all feature values and the squared ex-
ponential kernel. These choices are commonly made if no prior knowledge about the function to be estimated
can be incorporated. In this contribution, we want to investigate the influence of alternative choices for the
mean and the kernel function. Additionally, we introduce priors over the hyperparameters of these functions to
express acquired prior knowledge, which leads to more robust identification of optimal hyperparameters. The
influence of these choices on the performance of the algorithm is quantified in experiments within a simulated
environment.
In the following, we denote matrices and vectors by boldface upper case and lower case letters, respectively.
We mark training data by a tilde ˜(·) and estimated quantities with a hat ˆ(·). [·]i, j denotes the ith row and jth
column of a matrix and [·]i denotes the ith entry of a vector.
In the remainder of the paper we introduce the used feature in Sec. 2 and we describe the learning-based
distance estimation technique in Sec. 3. Experimental results are presented in Sec. 4 and the paper is concluded
with Sec. 5.
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2 DIFFUSENESS AS DISTANCE-RELATED FEATURE
We consider a single acoustic source emitting the signal s(t), which is recorded by two microphones. The signal
xi(t) observed at microphone i ∈ {1,2} can be modeled as

xi(t) = hi(t)∗ s(t)+ vi(t) = hi,early(t)∗ s(t)︸ ︷︷ ︸
ci(t)

+hi,late(t)∗ s(t)+ vi(t)︸ ︷︷ ︸
ni(t)

, (1)

where ∗ denotes linear convolution and vi(t) additive noise. The observed microphone signal can be separated
into a coherent signal component ci(t) and a reverberant/noisy component ni(t), by dividing the Room Impulse
Response (RIR) hi(t) into an early component hi,early(t) and a late component hi,late(t), which are convolved
with the clean speech signal.
In [3], it has been shown that the ratio of the powers of these signal components, ci(t) and ni(t), yields a
distance-dependent feature. To estimate this ratio, we use the CDR [15], which is based on an estimate of the
complex-valued spatial coherence function of the microphone signals

Γ̂x(l,ν) =
Φ̂x1x2(l,ν)√

Φ̂x1x1(l,ν)Φ̂x2x2(l,ν)
, (2)

where l ∈ {1, . . . ,L} denotes the time index and ν ∈ {1, . . . ,F} the frequency index. The cross-Power Spectral
Density (PSD) Φx1x2 and the auto-PSDs Φx1x1 and Φx2x2 are estimated by recursive averaging over time

Φ̂xix j(l,ν) = λ Φ̂xix j(l−1,ν)+(1−λ )Xi(l,ν)X∗j (l,ν) with i, j ∈ {1,2}, (3)

where λ ∈ [0,1] denotes a forgetting factor, Xi(l,ν) denotes the ith microphone signal in the Short-Time Fourier
Transform (STFT) domain and (·)∗ denotes complex conjugation. The coherence of a diffuse sound field can
be modeled by [11]

Γn(ν) =
sin(2π fνdmic/c)

2π fνdmic/c
, (4)

where fν denotes the physical frequency corresponding to frequency bin ν, dmic the microphone spacing and c
the speed of sound. Using the model for the diffuse sound field coherence (4) and the estimated microphone
signal coherence (2), the following DOA-independent CDR estimator can be derived [15]

ĈDR(l,ν) =
1

|Γ̂x(l,ν)|2−1

(
Γn(ν) Re{Γ̂x(l,ν)}− |Γ̂x(l,ν)|2 . . . (5)

. . . −
√
(Γn(ν))

2
(

Re{Γ̂x(l,ν)}
2−|Γ̂x(l,ν)|2 +1

)
−2Γn(ν) Re{Γ̂x(l,ν)}+ |Γ̂x(l,ν)|2

)
.

Finally, to obtain a robust feature, we average over the diffuseness 1
ĈDR(l,ν)+1

over all available time frames

1, . . . ,L and the frequency interval indexed by νmin, . . . ,νmax

ζ =
1

L(νmax−νmin +1)

L

∑
l=1

νmax

∑
ν=νmin

1

ĈDR(l,ν)+1
. (6)

Note that the values of the feature ζ are confined to the interval [0,1] by construction.

3 LEARNING-BASED DISTANCE ESTIMATION
The relation of the feature ζ and the actual source-microphone distance r depends on several physical properties
of the room which are unknown in practice. Therefore, we model the source-microphone distance r to be an un-
known function of the observed feature, i.e., g(ζ ) and we aim at learning this unknown relation g : [0,1]→ R≥0
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for the room of interest by GPR, a nonparametric regression approach. The distances of the training set are
modeled to be corrupted by additive Gaussian noise reflecting the uncertainty about the position of the source

r = g(ζ )+ ε with ε ∼N (0,σ2
ε ). (7)

Furthermore, for incorporating the prior knowledge about this relationship, the unknown function g is modeled
to follow a Gaussian Process (GP)

g∼ GP(m,k), (8)

where m : [0,1]→ R≥0 denotes its prior mean function and k : [0,1]× [0,1]→ R≥0 the chosen kernel function
(see Sec. 3.2 and Sec. 3.3 for the discussion of different representatives). Both, m and k map from the feature
domain [0,1] to nonnegative numbers and depend on hyperparameters (see Sec. 3.1 for their optimal choice)
which we stack in the vectors θθθ m and θθθ k, respectively.
To infer an unseen distance r from an observed feature value ζ , we have to construct the posterior GP

GP(mD,kD), (9)

where mD denotes the posterior mean function, kD the posterior covariance function, and D the training set
consisting of a vector of feature values ζ̃ζζ and corresponding labels r̃

D =

{
ζ̃ζζ , r̃
∣∣∣∣[ζ̃ζζ]i

∈ [0,1], [r̃]i ∈ R≥0, i ∈ {1, . . . ,N}
}
. (10)

We define the kernel matrix of the features of the training set as

K =
[
k
(

ζ̃i, ζ̃ j

)]
i, j

with 0≤ i, j ≤ N (11)

and the kernel vector between the features of the training set and the new observation to be

k = k
(

ζ̃ζζ ,ζ
)
=
[
k
(

ζ̃i,ζ
)]

i
with 0≤ i≤ N. (12)

Any finite number of samples drawn from a GP follow a multivariate Gaussian Probability Density Function
(PDF). Hence, we can express the joint density of the training labels r̃ and the unseen distance r as[

r̃
r

]
∼N

{[
µ̃µµ

m(ζ )

]
,

[
K̃+σ2

ε I k
kT k(ζ ,ζ )

]}
, (13)

where [µ̃µµ]i = m([ζ̃ζζ ]i). By using the rules of Gaussian conditionals [13, p. 15-17], we obtain the estimate of the
unseen distance r̂ by evaluating the posterior mean function mD

r̂ = mD(ζ ) = m(ζ )+ r̃T (K̃+σ
2
ε I
)−1 k(ζ̃ζζ ,ζ ). (14)

Similarly, we obtain the posterior variance of the estimate

σ̂
2
r̂ = kD(ζ ,ζ ) = k(ζ ,ζ )−kT(ζ̃ζζ ,ζ )

(
K̃+σ

2
ε I
)−1 k(ζ̃ζζ ,ζ ). (15)

3.1 Optimization of Hyperparameters

The joint posterior of the hyperparameters θθθ m and θθθ k, given the training features ζ̃ζζ and the training labels r̃,
can be written as

p
(

θθθ m,θθθ k
∣∣r̃, ζ̃ζζ)= p

(
r̃
∣∣ζ̃ζζ ,θθθ m,θθθ k

)
p
(

θθθ m,θθθ k
∣∣ζ̃ζζ)

p
(

r̃
∣∣ζ̃ζζ) ∝ p

(
r̃|ζ̃ζζ ,θθθ m,θθθ k

)
p(θθθ m,θθθ k), (16)
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where the marginal likelihood is defined by [13]

p(r̃|ζ̃ζζ ,θθθ m,θθθ k) =N
(
µ̃µµ(θθθ m), Σ̃ΣΣ(θθθ k)

)
. (17)

Here, µ̃µµ(θθθ m) and Σ̃ΣΣ(θθθ k) = K̃+σ2
ε I emphasize that the prior mean vector and the covariance matrix depend on

the hyperparameters θθθ m and θθθ k, respectively. The dependency on ζ̃ζζ has been omitted for clarity of presentation.
We model the parameters of the mean function θθθ m and the kernel function θθθ k to be independent from each
other

p(θθθ m,θθθ k) = p(θθθ m)p(θθθ k) =
nm

∏
i=1

p([θθθ m]i)
nk

∏
j=1

p([θθθ k] j) , (18)

where nm and nk denote the number of hyperparameters of the mean and kernel function, respectively. For
identifying the optimum hyperparameters, we solve the following Maximum A Posteriori (MAP) optimization
problem

{θθθ opt
m ,θθθ

opt
k }= argmax

θθθ m,θθθ k

p
(

θθθ m,θθθ k|r̃, ζ̃ζζ
)
. (19)

Instead of solving (19) directly, it is common to maximize the log-posterior

log p
(

θθθ m,θθθ k|r̃, ζ̃ζζ
)
=−1

2
(r̃− µ̃µµ(θθθ m))

T
Σ̃ΣΣ(θθθ k)

−1 (r̃− µ̃µµ(θθθ m)) . . . (20)

· · ·− 1
2

log
(

det
(
Σ̃ΣΣ(θθθ k)

))
− N

2
log2π +

nm

∑
i=1

log p([θθθ m]i)+
nk

∑
j=1

log p([θθθ k] j) .

To maximize the log-posterior w.r.t. the hyperparameters of the mean and the kernel function, a gradient ascent
method is used. We start with the derivative of the prior mean function with respect to its hyperparameters
[θθθ m]i

∂

∂ [θθθ m]i
log p(θθθ m,θθθ k|r̃, ζ̃ζζ ) =

(
r̃− µ̃µµ(θθθ m)

)T
Σ̃ΣΣ(θθθ k)

−1 ∂ µ̃µµ(θθθ m)

∂ [θθθ m]i
+

∂ log p([θθθ m]i)

∂ [θθθ m]i
. (21)

The derivative of the log-posterior with respect to the kernel’s hyperparameters [θθθ k]i results in

∂

∂ [θθθ k]i
log p(θθθ m,θθθ k|r̃, ζ̃ζζ ) =

1
2

tr
((

ββββββ
T− Σ̃ΣΣ(θθθ k)

−1
)

∂ Σ̃ΣΣ(θθθ k)

∂ [θθθ k]i

)
+

∂ log p([θθθ k]i)

∂ [θθθ k]i
(22)

with βββ = Σ̃ΣΣ(θθθ k)
−1 (r̃− µ̃µµ(θθθ m)).

In this contribution, we choose univariate Gaussian priors N (θ |θ0,σ
2
θ
), with mean θ0 and variance σ2

θ
, for the

individual scalar parameters θ for simplicity, i.e., the prior PDFs in (21) and (22) become

p([θθθ m]i) =N ([θθθ m]i|[θθθ m,0]i,σ
2
[θθθ m]i

) and p([θθθ k] j) =N ([θθθ k]i|[θθθ k,0]i,σ
2
[θθθ k]i

). (23)

The derivative of the log prior PDF w.r.t. the hyperparameter θ takes on the form

∂

∂θ
logN (θ |θ0,σ

2
θ ) =

θ0−θ

σ2
θ0

, (24)

where θ0 is the expected parameter value and σ2
θ

is a user-defined parameter. Note that the term (24) acts as a
regularizer in the gradient ascent rules (21) and (22).
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3.2 Choice of Mean Function
We discuss two different mean functions: the zero function and a linear function. The zero function

m(ζ ) = 0 ∀ζ ∈ [0,1] (25)

is a common choice if no model of the function underlying the observed data is available and has been used
in [1, 2, 4]. The discussion of the linear function

m(ζ ) = a0 +a1ζ (26)

is motivated by the fact that the functional relation between the averaged diffuseness feature ζ and the corre-
sponding distance r is monotonously increasing. Hereby, a0 and a1 denote the offset and the slope of the linear
function, i.e., its hyperparameters.

3.3 Choice of Kernel Function
In this section, we investigate the applicability of a set of kernel functions k which all depend solely on the
absolute difference between their two arguments |ζi−ζ j|. All kernel functions are scaled by the signal variance
β , a parameter which controls the deviation of the posterior mean function from the prior mean function. Also
common to all kernel functions presented here is a positive length scale parameter α , which controls the width
of the kernel and hence the smoothness of the posterior mean function.
We start our discussion with the squared exponential kernel function

kSE(ζi,ζ j) = β exp
(
−
|ζi−ζ j|2

2α2

)
with α > 0, (27)

which is the most widely used kernel function. The Matérn class covariance functions

kMatérn(ζi,ζ j) = β
21−µ

Γ(µ)

(√
2µ|ζi−ζ j|

α

)µ

Kµ

(√
2µ|ζi−ζ j|

α

)
with µ,α > 0 (28)

are defined by the additional positive parameter µ . Hereby, Γ denotes the gamma function and Kµ the modified
Bessel function of the second kind and µth order. Finally, the γ-exponential covariance function is defined,
which contains the squared exponential covariance function as a special case

kγ(ζi,ζ j) = β exp
(
−
(
|ζi−ζ j|

α

)γ)
with 0< γ ≤ 2, α > 0, (29)

with parameter γ .

4 EXPERIMENTAL STUDY
In the following section, we show results for experiments in a simulated enclosure and compare the performance
of the algorithm using the probabilistic models outlined above.

4.1 Methodology
We used the RIR simulator [8] to generate RIRs of a single acoustic source observed by two microphones of
spacing 0.2m in two acoustic enclosures: Room 1 with dimensions 12m× 16m× 10m and Room 2 with di-
mensions 6m×5m×3m. The Ntrain source positions of the training set are drawn randomly from an interval of
source-microphone distances [0m,3m] with uniformly distributed angular spread of ±10◦ w.r.t. the microphone
array normal. The Neval = 200 evaluation positions are generated analogously.
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Figure 1. Example for a GP regression function (shown in blue) using the γ-exponential covariance function
and a linear prior mean function (depicted as orange dashed line). Training (red crosses) and test data points
(gray stars) have been generated in Room 1 under 30dB SNR and T60 = 0.8s.

To simulate microphone recordings, the RIRs are convolved with anechoic speech signals of 21.5s duration and
white Gaussian noise is added to simulate sensor noise. The microphone signals are transformed into the STFT
domain using a von Hann window of length 25ms and 10ms shift at a sampling frequency of 16kHz. The
PSDs are estimated using λ = 0.95 and the diffuseness is calculated for the frequency interval [125Hz,3468Hz].
All hyperparameters are initialized by 1 prior to optimization. We set priors on the hyperparameters of the
covariance functions and set the corresponding parameters in (23) to β0 = 7 and σ2

β0
= 1, α0 = 0.3 and σ2

α0
= 0.1,

and exclusively for the Matérn covariance function to µ0 = 1.9 and σ2
µ0

= 0.6.
We considered acoustic conditions of 10dB, 20dB, 30dB SNR and T60 ∈ {0.4s,0.6s,0.8s} reverberation time.
The number of training points has been chosen to be Ntrain ∈ {5,10,15,20}. For each scenario, i.e., SNR, T60
and Ntrain, we repeated the simulations Nruns = 10 times and calculated the Absolute Error (AE) between the
ground-truth distance rgt and the estimated distance r̂

eAE = |r̂− rgt|. (30)

4.2 Results
The aim of the proposed algorithm is the estimation of the nonparametric regression function mD : [0,1]→R≥0,
which enables the estimation of the acoustic source-microphone distance based on the observed feature value ζ .
A typical result for the regression curve (shown as blue line) is depicted in Figure 1, which has been trained on
samples (shown as red crosses) observed in Room 1 under 30dB SNR and T60 = 0.8s reverberation time. The
posterior standard deviation is depicted as a gray area around the posterior mean function, i.e., the regression
function. It can be seen that the posterior standard deviation is high at positions where no training points are
available and is low at positions where a lot of training points are observed. The prior mean function with
optimized parameters is shown as orange dash-dotted line. The prior mean function is close to being a constant
because all hyperparameters are optimized jointly and the data are already well-explained by the remaining
modeling ability of the GP. Experiments showed that the choice of appropriate priors over the hyperparameters
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Figure 2. Boxplots of the AE in Room 1 on the left and in Room 2 on the right, for different acoustic
parameters specified in the text. The results are separated w.r.t. the applied covariance functions (SE, Matérn,
γ) and the applied prior mean function (zero-mean and linear).

yields more robust optimization results in the sense that a small deviation in the training data also yields only
a small deviation in the regression function.
Results for the AE (30) eAE in Room 1 and Room 2 are shown in Figure 2 for the applied covariance functions
and the applied prior mean functions discussed in Sec. 3.2 and Sec. 3.3. First of all, it can be seen that the error
for Room 1 is in general much smaller than for the corresponding results of Room 2. This can be explained by
the fact that Room 1 is a very large room fulfilling the modeling assumptions of a diffuse noise field very well.
Hence, the variance of the feature values corresponding to a certain distance is very small and the prediction of
the trained regression function is very accurate. Due to dominant early reflections, the assumption of a diffuse
sound field is not perfectly fulfilled for the smaller Room 2 yielding worse distance estimates.
In terms of the investigated covariance functions, the γ-exponential covariance function provides a small ad-
vantage over the competitors in Room 2 whereas the difference between the results is marginal for Room 1.
The use of a linear prior mean function instead of a constant-zero prior mean function yields no further ben-
efit. Hence, the approximative power of GP regression with a constant-zero prior mean function is sufficient
for the modeling task. However, it should be noted that a non-zero prior mean function may be beneficial for
regions where no training data exist, as the regression curve tends to return to the prior mean function if not
supported by training data points. However, this effect is only relevant in special situations (unequal distribution
of training and test data) and will not be discussed further here.

5 CONCLUSIONS
We investigated the influence of different probabilistic models, represented by the choice of covariance and prior
mean functions and univariate Gaussian priors on their hyperparameters, on the acoustic source-microphone dis-
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tance estimation performance of GP regression. To this end, we presented results based on a large number
of experiments in different acoustic conditions and probabilistic models, obtained from microphone signals ob-
served in a simulated environment.
It can be concluded that the choice of a nonzero prior mean function does not improve the results in general.
Furthermore, the distance estimation results are only slightly affected by the choice of the covariance function,
which was discernible for a room of regular size (Room 2) and not noticeable for a very large room (Room 1).
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Abstract
In this paper, we address the problem of speaker distance estimation using binaural hearing aid microphones. The
proposed approach is based on deep neural networks which aim to classify discrete distances at different levels of
precision. We investigate two types of networks, namely, feedforward and convolutional neural networks which are
trained on the binaurally estimated direct-to-reverberant energy ratio. The performance of the proposed algorithm
is assessed on speech signals convolved with both real and synthetic binaural room impulse responses for several
distances and in different acoustical scenarios. On the one hand the proposed approach offers a reliable classification
of coarse distances classes which is also robust against variations of the reverberation time. On the other hand, when
a more accurate distance estimation is required, the proposed approach is robust only against small variations of the
reverberation time.
Keywords: speaker distance estimation, hearing aid, deep neural networks

1 INTRODUCTION
Acoustic source localization refers to the task of identifying the position of different sources, most commonly in
terms of direction and distance. While the estimation of the direction-of-arrival (DOA) has been widely studied
in the last decades, estimation of sound source distance has received less attention. The knowledge of the sound
source distance is desirable for a wide range of applications, e.g. assistive devices for visually-impaired people,
human-machine interfaces, and hearing aids (HA).
A well-known acoustic parameter which is widely employed to indicate the source distance is the direct-to-
reverberant energy ratio (DRR). The DRR is a function of room characteristics, distance to a sound source,
and the directivities of both sound source and microphones. In a reverberant room, the DRR is proportional to
the inverse of the source distance, i.e., every doubling of distance decreases the DRR by 6 dB [1]. In other
words, if the sound source distance increases the energy of the direct sound decreases whereas the energy of
the reverberant sound remains unchanged. The DRR can be computed directly from the measured room impulse
response (RIR) which practically requires an intrusive measurement within the room. Alternatively, the DRR
is estimated blindly from the incoming signals assuming that the reverberation is modeled as a diffuse sound
field. Moreover, in multi-microphone configurations it is assumed that the energy of the direct component is
fully represented by the energy of the coherent source.
State-of-the-art distance estimation algorithms can be classified into learning-based approaches and approaches
based on prior knowledge of the room properties [2]. Both groups implicitly require a calibration w.r.t. one
or multiple points within a room. Learning-based approaches utilize different features for the training phase.
The authors in [3] use the magnitude-squared coherence (MSC) of binaural signals to train a Gaussian mixture
model (GMM). The estimated DRR is a common feature used for instance in [4, 5]. Georganti et al. [6]
propose to use the spectral power of binaural signals with which two variants of learning algorithms are trained,
namely, a support vector machine (SVM) and a GMM. Head-related transfer functions (HRTFs) are another
feature proposed in [7] for source distance estimation of binaural signals in three dimensional space. In almost
all these evaluations the reverberation time (T60) of the training and test sets are similar as otherwise large

*This work has received funding from the European Fund for Regional Development, grant no. EFRE-0800372 (RaVis-3D).
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errors are to be expected.
In this paper we aim for the estimation of speaker distance using 2x2 binaural HA microphones. Our approach
is based on the use of deep feedforward and convolutional neural networks trained on the binaurally estimated
DRR. Our algorithm is able to classify discrete distances in simulated and real acoustic environments.
The remainder of this paper is organized as follows. Section 2 describes the estimation of binaural DRR using
a coherence based technique. Section 3 explains the topology of the two neural networks used in this paper.
The experimental setup and validation results are presented in Section 4. Section 5 concludes this paper.

2 Direct-to-reverberant energy ratio
In our scenario we consider a noiseless acoustic environment with a point source signal s received by 2x2
microphones distributed on a pair of HAs. Using the convolution operator ∗, the microphone signal x may be
expressed as

xm(n) = hm(n,θs)∗ s(n), m ∈ {1, . . . ,4}, (1)

where n denotes the sampling index and θs determines the DOA of the source. In this equation, hm indicates
the binaural RIR (BRIR) for the corresponding source/receiver positions which is composed of hm(n,θs) =

h(d)m (n,θs)+h(er)
m (n)+h(lr)m (n), where h(d)m (n,θs), h(er)

m (n), and h(lr)m (n) denote the direct path, the early reflections,
and the late reverberation, respectively. Then, the DRR for each microphone can be directly computed from the
RIR as

ηtrue =

Tm+N
∑

n=1
|hm(n,θs)|2

∑
n=Tm+N+1

|hm(n,θs)|2
, (2)

where Tm indicates the index of the first peak in the BRIR for each microphone. Moreover, N denotes the range
of samples in the neighborhood of the direct component and early reflections used to compute the energy of
the direct path. Practically, we consider N/ fS = 2 ms in the neighborhood of the highest peak in the RIR for
the computation of the energy of the direct path.
In practice, however, the RIR is not available and thus the DRR is blindly estimated from the multi-microphone
signal. For this purpose, the effect of early reflections is commonly not considered and thus the signal model
in (1) may be written as

ym(n) = xm(n,θs)+νm(n), (3)

where x(n,θs) = h(d)m (n,θs) ∗ s(n) indicates the non-reverberated microphone signal and νm(n) = h(lr)m (n) ∗ s(n)
denotes the reverberated part of the microphone signal which is modeled as an ideal diffuse sound field.
Applying the short-time Fourier transform (STFT) to the signals leads to

Ym(k,µ) = Xm(k,µ,θs)+Vm(k,µ), (4)

where k and µ indicate frequency and time frame indices, respectively.
One solution to estimate DRR is to compute the coherence ΓYmYm′ between two microphone signals defined as

ΓYmYm′ (k) =
ΦYmYm′ (k)√

ΦYmYm(k)ΦYm′Ym′ (k)
, (5)

where ΦYmYm′ (k) = E
{

Ym(k)Y ∗m′(k)
}

determines the cross power spectrum of the microphone signals which is
estimated by using the first-order recursive temporal smoothing filter as

ΦYmYm′ (k,µ) = αΦYmYm′ (k,µ−1)+(1−α)Ym(k,µ)Y ∗m′(k,µ), (6)
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where α = 0.92 denotes the smoothing factor.
Based on the signal model (3) and the assumption that the non-reverberated and reverberated components of the
microphone signals are mutually uncorrelated, we may express

ΦYmYm′ (k,µ) = ΦXmXm′ (k,µ,θs)+ΦVV (k,µ)ΓVmVm′ (k). (7)

In this equation, ΦVV indicates the power of the reverberated components of the microphone signals and ΓVmVm′
denotes its coherence which is estimated assuming the spherically isotropic (diffuse) sound field as

ΓVmVm′ (k) =
sin(2Ωk fsac−1)

2Ωk fsac−1 , (8)

with a = 8.5 cm indicating the radius of the head and c = 343 m/s denoting the speed of sound. Here, Ωk =
2πk/M where M is the number of discrete Fourier transform (DFT) bins.
Moreover, taking the microphone m as a reference we may write

ΦXmXm′ (k,µ,θs) =
Dm′(k,θs)

Dm(k,θs)
ΦXX (k,µ), (9)

where ΦXX denotes the PSD of the non-reverberated component of microphone m (the reference microphone)
and Dm(k,θs) indicates the Fourier transform of h(d)m (n,θs). In this work, we only consider the coherence
between binaural microphones and thus m ∈ {1,3} and m′ ∈ {2,4}. Therefore, we may write

ΦXmXm′ (k,µ,θs) = G(k,θs)exp
(

jΩk fs∆τ(θs)
)
ΦXX (k,µ) (10)

where G(k,θs) =
∣∣∣Dm′ (k,θs)

Dm(k,θs)

∣∣∣ and ∆τ(θs) = τm′(θs)−τm(θs) are the interaural level difference (ILD) and interaural
time difference (ITD) for the source angle θs, respectively.

By inserting (7) in (5) and introducing η(k,µ) = ΦXX (k,µ)
ΦVV (k,µ)

as the narrowband DRR of microphone m we may
achieve

ΓYmYm′ (k,µ) =
G(k,θs)e jΩk fs∆τ(θs)η(k,µ)+ΓVmVm′ (k)√

(η(k,µ)+1)(G2(k,θs)η(k,µ)+1)
. (11)

In principle, ΓYmYm′ is a complex value whereas η is a positive real-valued quantity. We thus need a meaningful
mapping of the complex coherence to the real-valued DRR. In our previous work [8] we propose to take the
MSC to estimate the distance of speech signals coming from different azimuths. In this work we employ the
MSC approach to estimate the speaker’s distance at θs = 0. Therefore, G(k,0) = 1, ∆τ(0) = 0, and (11) is
simplified to

ΓYmYm′ (k,µ) =
η(k,µ)+ΓVmVm′ (k)

η(k,µ)+1
. (12)

Taking the magnitude square of (12) and rearranging the equation leads to the following MSC based DRR
estimation approach

η̂(k,µ) =
ΓVmVm′ (k)−|ΓYmYm′ (k,µ)|
|ΓYmYm′ (k,µ)|−1

. (13)

Furthermore, inspired by the human auditory system, we apply 40 mel-scaled triangular bandpass filters to the
estimated narrowband DRR and average across time frames as

η̂mel(c) =
1
B

B−1

∑
µ=0

C−1

∑
c=0

L(c,µ)η̂(k,µ), (14)

where L(c,µ) indicates the filter response of auditory channel c.
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3 Distance estimation using classification techniques
In order to estimate the distance of a sound source we propose to use a classification technique using two
neural network architectures, namely, feedforward and convolutional neural network that aim to classify discrete
distances. The networks are trained on estimated DRR and will be evaluated on several acoustic scenarios.

3.1 Feedforward neural network
The first classifier is based on a feedforward neural network (FNN) which is also known as a multilayer per-
ceptron (MLP). The structure of the network consists of an input layer, an output layer, and multiple fully
connected hidden layers. The network weights are computed by minimizing a loss function using the gradient
descent approach. In this work we design a FNN comprising 2 hidden layers with 44 hidden neurons, each of
which compute a non-linear activation function of the weighted sum of the output of the previous layer. The
final layer uses the softmax rule to estimate the posterior probability for each distance class using the cross-
entropy loss function. The network is trained in full batch mode with scaled conjugate gradient backpropagation
(SCG) [9] and early stopping.

3.2 Convolutional neural network
The second classifier is based on a convolutional neural network (CNN) which typically consists of convolu-
tional and pooling layers followed by a fully connected layer. The convolutional layer applies the convolution
operation to the input and each neuron receives input from only a restricted subarea (receptive field) of the pre-
vious layer. The pooling operation reduces the size of the input data and the fully connected layer aggregates
local information to provide class discrimination. This topology is widely used in practice since it significantly
reduces the computational complexity for large sizes of input data.
In this work, we propose a six-layer CNN including five convolutional and one fully-connected layers. The size
of kernels (filters) in the convolutional layers is set to 3×3. The number of filters (depth) in the convolutional
layers is set to 16 in the first layer and increases by a factor of 2 after each pooling up to 128 in the final layer.
The convolutional stride is fixed to 1 and a padding of 1 is designed to maintain the resolution after convolution.
We use max-pooling with a 3×3 kernel, stride of 2 to bisect the input dimensions. Furthermore we use rectified
linear unit (ReLU) activation functions and batch normalization. Global pooling over time followed by a dropout
of 50% prior to the final fully connected layer enforces approximate time-translation invariance. The final layer
uses the softmax rule to estimate the posterior probability for each distance class using the cross-entropy loss
function. Moreover, for optimizing the learning process we employ the Adam algorithm [10].

4 Experimental results
In our experiment we use speech signals convolved with synthetic and real BRIRs at eight discrete distances
dtrue ∈ [0.5 : 0.5 : 4] m.
In order to generate synthetic BRIRs we integrate the head-related impulse responses (HRIRs) in [11] into
the auditory virtual environment (AVE) software [12]. The HRIRs [11] are recorded for 6 microphones of a
pair of behind-the-ear (BTE) HAs from which we only use 4 channels corresponding to the front and rear
HA microphones. The AVE software uses a modified image source model [13] and an improved statistical
reverberation model [14] to synthesize acoustics of multiple sound sources in different rooms. The algorithm
also provides a smooth transition between the early reflections and late reverberation. With this software we
simulate a room with dimensions of 4 m × 5.5 m × 3 m and three reverberation times of T60 = 0.4, 0.5, and
0.9 s.
We also measure BRIRs using 2x2 microphones of a pair of BTE HAs attached to a Head and Torso Simulator
(HATS) [15]. BRIRs are recorded in a reverberant room with dimensions of 7.5 m × 6.3 m × 3.3 m, three
reverberation times of T60 = 0.4, 0.7, and 0.9 s and for the various distances mentioned earlier.
We convolve the BRIRs with speech signals taken from the TIMIT database [16]. For the training set we
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Table 1. Accuracy (in percent) of the proposed FNN-based distance estimation algorithm when the network is
trained and tested on signals generated in the same specific reverberation time T60 = {0.4,0.5,0.7,0.9}. Results
are shown for both simulated (Synth.) and measured (Real) BRIRs.

T60
Distance (cm)

50 100 150 200 250 300 350 400 Overall

Synth.
0.4s 100 100 100 100 100 100 100 100 100
0.5s 100 100 100 100 100 100 100 100 100
0.9s 100 100 100 100 100 100 100 100 100

Real
0.4s 100 100 100 100 100 100 100 100 100
0.7s 100 100 100 100 100 100 100 100 100
0.9s 100 100 100 100 100 100 100 100 100

use 462 speakers including 326 males and 136 females each of which speak 10 sentences, forming a total set
of 4620 training sentences. Each sentence has a duration of approximately 2 s. For the test set we use 168
speakers including 112 males and 56 females each of which speak 10 sentences forming a total set of 1680 test
samples. The training and test sets are created such that they contain different speakers.
For the estimation of DRR features which are processed in the STFT domain, we segment signals into over-
lapping frames of 32 ms using a Hamming window with a frame advance of 8 ms. The DFT size is equal to
M = 512.
The DRR is estimated for front and rear binaural microphones resulting in 80 = 2 × 40 values for each time
frame. Since FNN requires only one-dimensional inputs, we take the mean of the estimated narrowband DRRs
across all time frames leading to the feature vector of dimension 80× 1. For CNN, however, we compute the
estimated narrowband DRRs across 40 consecutive time frames and for both front and rear microphones which
result in a feature matrix of dimension 40×40×2. We train both networks on a set of 4620 feature vectors for
each distance randomly split into 85% training and 15% validation sets. Each input vector is normalized to the
range of [−1,1].
The performance of the proposed algorithm is measured in terms of accuracy of the classification which is
defined as the percentage of examples for which the model predicts the correct outputs. It is mathematically
expressed as

A =
TP+TN

TP+TN+FP+FN
, (15)

where TP and TN indicate the sum of true positive and true negative predictions and FP and FN denote the
sum of false positive and false negative predictions, respectively.
We investigate the performance of our approach in different scenarios. The first scenario considers signals
generated in a room with the same T60 for training and testing. Results for both FNN and CNN and for both
synthetic and real BRIRs are presented in Tables 1 and 2. It can be observed from these tables that when
the networks are trained and tested on signals generated with the very same reverberation time both networks
achieve reliable distance estimation accuracies.
In the second scenario we assess the generalization capability of the proposed learning-based approach. Hence,
we train the networks on signals generated with a particular T60 and test on signals generated with different
T60s. Here, we train the networks on signals generated with T60 = 0.5 s for synthetic and with T60 = 0.7 s for
measured BRIRs and test on signals generated using all the available T60s. Results for both FNN and CNN
classifiers and for both synthetic and real BRIRs are illustrated in Tables 3 and 4, respectively. According to
these tables when the reverberation time between the training and the test signals varies slightly, the accuracy
of both networks is fairly robust. However, when the network has not been properly trained on the acoustical
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Table 2. Accuracy (in percent) of the proposed CNN-based distance estimation algorithm when the network is
trained and tested on signals generated in the same reverberation time T60 of the room. Results are shown for
both simulated (Synth.) and measured (Real) BRIRs.

T60
Distance (cm)

50 100 150 200 250 300 350 400 Overall

Synth.
0.4s 100 100 99.7 100 99.9 100 100 99.9 99.9
0.5s 100 100 99.6 99.8 99.5 99.4 99.9 99.5 99.7
0.9s 100 100 99.4 99.2 98.9 99.6 99.4 99.7 98.4

Real
0.4s 100 100 100 100 100 100 100 100 100
0.7s 100 100 100 100 100 100 100 100 100
0.9s 100 100 100 100 100 100 100 100 100

Table 3. Accuracy (in percent) of the proposed FNN-based distance estimation algorithm when the network is
trained on signals generated with T60 = 0.5 s for synthetic (Synth.) and with T60 = 0.7 s for measured (Real)
BRIRs and is tested on signals generated using all the available T60s.

T60
Distance (cm)

50 100 150 200 250 300 350 400 Overall

Synth.
0.4s 100 90.4 24.3 37.6 0.1 94.8 45.1 95.3 61
0.5s 100 100 100 100 100 100 100 100 100
0.9s 0.1 77.7 43.7 97.0 7.3 10.8 0.1 11.8 31.1

Real
0.4s 100 93.6 1.1 91.4 32.8 1.3 88.6 96.3 63.1
0.7s 100 100 100 100 100 100 100 100 100
0.9s 100 100 100 94.4 100 97.6 99.6 100 99

properties of the room, e.g., the reverberation time the deep learning approaches can not estimate the source
microphone distances reliably. The outliers for some particular distances shown in these tables may result from
either the low sensitivity of these distance classes to the estimated DRR or from the small size of the network.
Overall, the DNN-based speaker distance estimation technique will be a reliable candidate provided that the
network is trained on signals from different acoustic situations.
In the third scenario we investigate the performance of the proposed DNN-based distance estimation algorithms
on the classification of coarse distance classes. For this experiment we train the networks on signals generated
for distances in the range of dtrue ∈ {1 m,2 m,3 m,4 m} which implicitly reduces the resolution of the distance
estimation. Similar to the second scenario, we train the networks on signals generated with T60 = 0.5 s for
synthetic and with T60 = 0.7 s for measured BRIRs and test on signals generated using all the available T60s.
Results for both synthetic and real BRIRs and for FNN and CNN are presented in Table 5. Comparing the
overall results of Tables 3 and 4 with the overall results of Table 5 shows that the proposed learning based
distance estimation approaches can be more reliable for the estimation of coarse distance classes, e.g., in steps
of 1 m. Higher accuracies of acoustic distance estimation indeed require more advanced training schemes or
employing other modalities provided by, for instance, a radar sensor which is beyond the scope of this paper.
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Table 4. Accuracy (in percent) of the proposed CNN-based distance estimation algorithm when the network is
trained on signals generated with T60 = 0.5 s for synthetic (Synth.) and with T60 = 0.7 s for measured (Real)
BRIRs and is tested on signals generated using all the available T60s.

T60
Distance (cm)

50 100 150 200 250 300 350 400 Overall

Synth.
0.4s 93 85 96.2 98.5 16.5 40.5 13.6 55.8 62.4
0.5s 100 100 99.6 99.8 99.5 99.4 99.9 99.5 99.7
0.9s 0 4.2 100 0 4.4 14.3 0 7.9 16.4

Real
0.4s 28.9 0 0.1 73.8 93.7 4 32.6 1.3 29.3
0.7s 100 100 100 100 100 100 100 100 100
0.9s 100 100 99.1 99 97.3 82.1 21.6 54.8 81.7

Table 5. Accuracy (in percent) of the proposed FNN-based and CNN-based distance estimation algorithm when
the network is trained on signals generated with T60 = 0.5 s for synthetic (Synth.) and with T60 = 0.7 s for
measured (Real) BRIRs and is tested on signals generated using all the available T60s. Here a coarse level of
precision for distance classification is tested.

FNN CNN

T60
Distance (cm)

100 200 300 400 Overall 100 200 300 400 Overall

Synth.
0.4s 98.1 69.1 99.5 57.1 81 100 90.0 56.3 75.2 80.4
0.5s 100 100 100 100 100 100 99.9 99.3 99.3 99.7
0.9s 91.2 83.3 3.7 24.9 50.8 85.7 47.2 9.4 38.8 45.3

Real
0.4s 100 76.7 18.2 95.2 72.5 89.7 62.5 59.8 100 75.5
0.7s 100 100 100 100 100 100 100 100 100 100
0.9s 100 100 97.0 100 99.2 100 99.3 100 79.9 94.8

5 CONCLUSIONS
In this work, we presented a learning-based algorithm for the estimation of a speaker’s distance using HA
microphones. Our algorithm aims to classify discrete sound source distances using deep neural networks. The
networks are trained on estimated DRRs which are computed using the magnitude squared coherence taking the
binaural configuration into account. We tested the accuracy of our algorithm on speech signals convolved with
synthetic and measured BRIRs at fine and coarse distance classes and under different reverberation times.
Our results show that the speaker’s distances can be reliably estimated if the network is trained properly on
the acoustical properties of the room. The method achieves a reliable accuracy when the reverberation times
of the signals in the training and test sets varies only slightly. For large variations in the reverberation time of
the signals under test the estimation is sufficiently accurate only for the classification of coarse distance classes.
For the classification of fine distance classes, however, apparent mismatch of training and test data occurs in
specific conditions which requires an additional regularization.

3303



References
[1] J. Blauert, Communication Acoustics, vol. 2, Springer, 2005.

[2] Y. Hioka, K. Niwa, S. Sakauchi, K. Furuya, and Y. Haneda, “Estimating direct-to-reverberant energy ratio
using D/R spatial correlation matrix model,” IEEE Transactions on Audio, Speech, and Language Processing,
vol. 19, no. 8, pp. 2374–2384, 2011.

[3] S. Vesa, “Sound source distance learning based on binaural signals,” in IEEE Workshop on Applications of
Signal Processing to Audio and Acoustics, Oct 2007, pp. 271–274.

[4] Y. C. Lu and M. Cooke, “Binaural estimation of sound source distance via the direct-to-reverberant energy
ratio for static and moving sources,” IEEE Transactions on Audio, Speech, and Language Processing, vol.
18, no. 7, pp. 1793–1805, 2010.

[5] A. Brendel and W. Kellermann, “Learning-based acoustic source-microphone distance estimation using
the coherent-to-diffuse power ratio,” in IEEE International Conference on Acoustics, Speech and Signal
Processing (ICASSP), April 2018, pp. 61–65.

[6] E. Georganti, T. May, S. Van De Par, and J. Mourjopoulos, “Sound source distance estimation in rooms
based on statistical properties of binaural signals,” IEEE Transactions on Audio, Speech, and Language
Processing, vol. 21, no. 8, pp. 1727–1741, 2013.

[7] F. Keyrouz, “Binaural range estimation using head related transfer functions,” in IEEE International Con-
ference on Multisensor Fusion and Integration for Intelligent Systems (MFI), Sept 2015, pp. 89–94.

[8] M. Zohourian and R. Martin, “Direct-to-reverberant energy ratio estimation based on interaural coherence
and a joint ITD/ILD model,” in IEEE International Conference on Acoustics, Speech and Signal Processing
(ICASSP), 2019.

[9] M. F. Møller, “A scaled conjugate gradient algorithm for fast supervised learning,” Neural networks, vol.
6, no. 4, pp. 525–533, 1993.

[10] D. P. Kingma and J. Ba, “Adam: A method for stochastic optimization,” arXiv preprint arXiv:1412.6980,
2014.

[11] H. Kayser, S. D. Ewert, J. Anemüller, T. Rohdenburg, V. Hohmann, and B. Kollmeier, “Database of mul-
tichannel in-ear and behind-the-ear head-related and binaural room impulse responses,” EURASIP Journal
on Advances in Signal Processing, vol. 2009, pp. 6, 2009.

[12] Christian Borss, An Improved Parametric Model for the Design of Virtual Acoustics and its Applications,
Verlag Dr. Hut, 2011, PhD. Thesis.

[13] J. B. Allen and D. A. Berkley, “Image method for efficiently simulating small-room acoustics,” The
Journal of the Acoustical Society of America, vol. 65, no. 4, pp. 943–950, 1979.

[14] J. A. Moorer, “About this reverberation business,” Computer Music Journal, pp. 13–28, 1979.

[15] ITU-T Recommendation P.58, Head and Torso Simulator for telephonometry, HEAD acoustics, 2018.

[16] V. Zue, S. Seneff, and J. Glass, “Speech database development at MIT: TIMIT and beyond,” Speech
communication, vol. 9, no. 4, pp. 351–356, 1990.

3304



Binaural Direction-of-Arrival Estimation in Reverberant Environments Using
the Direct-path Dominance test

Hanan BEIT-ON(1), Boaz RAFAELY(2)

(1)Ben-Gurion University of the Negev, Israel, hananb@post.bgu.ac.il
(2)Ben-Gurion University of the Negev, Israel, br@bgu.ac.il

Abstract
Abstract— Speaker localization in reverberant environments is currently an important challenge in audio signal
processing, and several methods have recently been proposed to address it. One such family of methods is
based on the direct-path dominance (DPD) test that was developed specifically for spherical arrays and recently
extended to arbitrary arrays. In this paper, an extension of the DPD test for a binaural array is examined. This
extension uses a focusing technique to remove the frequency dependence of the steering matrix within frequency
bands. This facilitates frequency smoothing, which is necessary for decorrelating coherent reflections. Unlike
other focusing approaches, the proposed focusing approach does not rely on the initial estimation of source
directions, facilitating its application in reverberant environments. However, in the binaural case, there is no
guarantee of focusing performance. This paper presents an analysis of this focusing process for the binaural case
and shows that good focusing performance can be obtained in the binaural case. A simulation study examines
the effect of the focusing and smoothing and demonstrates the proposed method’s capabilities in overcoming
adverse reverberation conditions.

1 Introduction
Binaural direction-of-arrival (DOA) estimation of sound from speakers in a room is important for speech en-
hancement and source separation in applications such as hearing aids and robot audition. DOA estimation
methods for sources, in general, include maximum likelihood estimation [16], beamforming techniques [16]
and subspace methods, such as MUSIC [16]. Because speakers in a room generate coherent signals due to
room reflection, DOA estimation methods that are designed for coherent signals are more suitable in this case.
One such method is the coherent signal subspace method (CSSM) [17], which employs focusing and frequency
smoothing to decorrelate the sources, enabling the DOA estimation of coherent signals using subspace methods.
Coherent processing of the CSSM has recently been applied in a DOA estimation method for speech signals,
called the direct-path dominance (DPD) test [10]. This method tackles the issue of reverberation by using only
the direct-path bins in the short-time Fourier transform (STFT) domain for the estimation task. The need of
focusing matrices has been circumvented by employing spherical arrays, for which the frequency dependence of
the steering matrix is removed by the plane-wave decomposition operation [11]. Although the DPD test method
has shown robustness to diverse reverberation and noise conditions [12], its application is limited to spherical
arrays.
An extension of the DPD test for arbitrary arrays was recently proposed [3]. This extension incorporates a
focusing process that does not require an initial DOA estimation facilitating its application in reverberant en-
vironments. Unlike the bin selection method proposed in [15], which is also available for arbitrary arrays, the
DPD test employs coherent processing. The coherent processing increases the accuracy of the spatial spec-
trum [6], and this, in turn, leads to an accurate estimation when using a subspace localization method such
as MUSIC. Unlike the binaural localization method proposed in [9], the DPD test does not require a training
phase. Furthermore, in contrast to the speaker localization method proposed in [8], the DPD test does not
require speech-free signal segments for estimating the noise statistics and can operate on short time segments.
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Although the proposed extension of the DPD test is useful, it has limitations. In particular, poor focusing
performance may result in DOA estimation errors. For binaural arrays, the focusing matrices are obtained
as the least squares solution to an over-determined system, thus incorporating a fitting error. Moreover, the
development of the focusing matrices assumes knowledge of the spherical harmonics coefficients matrix. For
binaural arrays, this matrix is obtained via the discrete spherical Fourier transform (DSFT) of the head related
transfer function (HRTF) and its accuracy depends on the sampling of the HRTF. In this paper, the performance
of the focusing for binaural arrays is investigated, and guidelines for sampling the HRTF are suggested. A
simulation study examines the effect of focusing and smoothing and demonstrates binaural DOA estimation
with the DPD test under adverse reverberation conditions.

2 System model
Consider an acoustic scene of a single speaker in a reverberant environment. Also, consider a sound field
composed of L far field sources, where a source can represent a direct-sound or, for example, a reflection
due to room boundaries. Employing the multiplicative transfer function (MTF) approximation [2], according to
which if the length of the time windows are sufficiently large with respect to the length of the HRTF (in time),
the binaural signal can be expressed in the STFT domain as

p(τ,ν) = H (ν ,ψ)s(τ,ν)+n(τ,ν) , (1)

where τ and ν are the time frame and the frequency indices, respectively. p(τ,ν) = [pl (τ,ν) , pr (τ,ν)]
T , with

pl (τ,ν) and pr (τ,ν) denoting the signal at the left and the right binaural microphones, respectively. s(τ,ν) =
[s1 (τ,ν) , ...,sL (τ,ν)]

T is the source signal vector, where sl (τ,ν) is the complex amplitude of the l’th source
at the origin. H (ν ,ψ) = [h(ν ,ψ1) , ...,h(ν ,ψL)]

T is a 2× L HRTF matrix, where h(ν ,ψl) is the HRTF that
corresponds to the l’th source with DOA ψl = (θl ,φl), where θl and φl are the elevation and the azimuth
angles, respectively. n(τ,ν) = [nl (τ,ν) ,nr (τ,ν)]

T is the additive sensor noise, which is assumed to be spatially
white and uncorrelated with s(τ,ν).

3 The DPD test for binaural arrays
The first stage of the DPD test method is to construct the smoothed spectrum at each time frequency (TF) bin.
To construct the smoothed spectrum in bin (τ0,ν0), focusing is applied to a rectangular window of Jτ time
frames and Jν frequencies around (τ0,ν0), followed by an averaging of the spectrum over the window. The
averaging over time frames approximates the expectation operation, and the averaging over frequencies imple-
ments frequency smoothing. Focusing is applied to remove the frequency dependence of the HRTF matrices
within the averaging window to preserve the spatial information in the smoothed HRTF matrix. Focusing is
performed by aligning the HRTF matrices within the averaging window to the HRTF matrix from the central
frequency using a focusing matrices T (ν ,ν0) that satisfies

T (ν ,ν0)H (ν ,ψ) = H (ν0,ψ) . (2)

The focusing is applied by multiplying the binaural signal p(τ,ν) with the corresponding focusing matrix
T (ν ,ν0), such that the transformed binaural signal p̃(τ,ν) can be expressed as

p̃(τ,ν) = T (ν ,ν0) p(τ,ν) = H (ν0,ψ) · s(τ,ν)+ ñ(τ,ν) , (3)

where ñ(τ,ν) = T (ν ,ν0)n(τ,ν). The smoothed spectrum is then constructed by averaging the spectrum within
the averaging window. Assuming s(τ,ν) and n(τ,ν) are uncorrelated, the smoothed spectrum can be expressed
as

S p̃ (τ0,ν0) = H (ν0,ψ)Ss (τ0,ν0)HH (ν0,ψ)+Sñ (τ0,ν0) , (4)
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where Ss (τ0,ν0) and Sñ (τ0,ν0) are the smoothed covariance matrices of the source and noise signals, respec-
tively. The frequency smoothing is employed to decorrelate coherent sources, such that after smoothing the
matrix Ss (τ0,ν0) is assumed to be of full-rank with a low condition number. This facilitates the application of
subspace localization methods such as MUSIC.
The DPD test selects TF bins with one dominant source and assumes that these bins contain a significant
contribution from the direct-sound and insignificant contributions from room reflections. Thus, the DOA of the
actual source can be correctly estimated using these bins. The group of bins selected by the DPD test is

ADPD =

{
(τ0,ν0) :

σ1 (τ0,ν0)

σ2 (τ0,ν0)
> THDPD

}
,

where σ1 (τ0,ν0) and σ2 (τ0,ν0) are the singular values of Sp̃ (τ0,ν0) and THDPD is a chosen threshold. Several
approaches for estimating the speaker DOA from the selected bins have been proposed, including MUSIC with
coherent and incoherent integration of the signal sub-spaces from the different bins [10], and bin-wise DOA
estimation followed by a statistical analysis to fuse the estimates [14].
The formulation of the focusing matrices proposed in [3] assumes an order-limited HRTF, i.e. the HRTF can
be fully represented using spherical harmonics up to order N. As an order-limited function, the decomposition
of the HRTF matrix using spherical harmonics is given by

H (ν ,ψ) = Hnm (ν)Y (ψ) , (5)

where

Y (ψ) =


Y 0

0 (ψ1) Y 0
0 (ψ2) · · · Y 0

0 (ψL)

Y−1
1 (ψ1) Y−1

1 (ψ2) · · · Y−1
1 (ψL)

...
...

. . .
...

Y N
N (ψ1) Y N

N (ψ2) · · · Y N
N (ψL)


is an (N +1)2×L matrix of the spherical harmonics functions Y m

n (ψ) of order n and degree m [11] and

Hnm (ν) =

[
hl

0,0 (ν) hl
1,−1 (ν) · · · hl

N,N (ν)

hr
0,0 (ν) hr

1,−1 (ν) · · · hr
N,N (ν)

]
is a 2×(N +1)2 matrix of the spherical harmonics coefficients hl

n,m (ν), hr
n,m (ν) of order n and degree m of the

HRTF of the left (l) and right (r) binaural microphones, respectively. Substituting (5) into (2) it follows that a
focusing matrix that aligns H (ν ,ψ) to H (ν0,ψ) for any set of sources should satisfy

T (ν ,ν0)Hnm (ν) = Hnm (ν0) . (6)

The general solution to this system is given by

T (ν ,ν0) = Hnm (ν0)Hnm
† (ν) , (7)

where (·)† denotes the pseudo-inverse operation.

4 Focusing formulation for binaural arrays
The development of the focusing matrices presented in the previous section assumes an order-limited HRTF
and knowledge of the spherical harmonics matrix Hnm (ν). Conditions for which these assumptions hold are
formulated in this section.
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The resemblance of the human head to a rigid sphere suggests that, like a rigid sphere, the HRTF is nearly
order-limited with order N = kr, where k = 2π f

c is the wave number with c denoting the speed of sound, and
r is the sphere radius. Thus, the assumption according to which the HRTF can be represented with spherical
harmonics coefficients up to order N is approximately maintained for kr < N.
While for some arrays, such as spherical arrays with a rigid-sphere, the spherical harmonics coefficients ma-
trix follows an analytical expression, in the binaural case, this matrix is computed using the discrete spherical
Fourier transform (DSFT) of the HRTF matrix. The DSFT is given by [11]

Hnm (ν) = H (ν ,ψ)Y † (ψ) , (8)

where ψ = [ψ1, ...,ψL]
T is a set of sampling points of the HRTF over a sphere of directions. Such samples

can be obtained with a numerical simulation or using measurements. Accurate computation of Hnm (ν), requires
more samples than coefficients, i.e. L≥ (N +1)2, and a matrix Y (ψ) of full-rank [11]. Table 1 details the nec-
essary number of required samples L for several sampling schemes in order that these conditions are satisfied.

Table 1. Number of samples for accurate computation of Hnm (ν) for several sampling schemes

Sampling scheme equal angle Gaussian uniform
Number of samples 4(N +1)2 2(N +1)2 (N +1)2

Even if the assumptions discussed above approximately hold, there is no guarantee for ideal focusing in the
binaural case. This is because the system in (6) is over-determined for all N (excluding N = 0 for which the
HRTF contains no directional information); hence, the solution in (7) is obtained in the least squares sense, thus
incorporating a fitting error. The next section examines the focusing performance for a binaural array.

5 Focusing performance analysis
To evaluate the performance of focusing for simple binaural arrays, an array of two microphones mounted on
a rigid sphere was employed. The array steering function from a set of L = 338 points in a Gaussian sampling
scheme was obtained according to [11] up to order N = 12, with a sampling frequency of Fs = 16kHz and with
a frequency resolution of 512 points. The mean (over directions) of the normalized focusing error is defined
as [7]

ε f (ν0) =
1
L

L

∑
l=1

‖T (ν ,ν0)h(ν ,ψl)−h(ν0,ψl)‖2

‖h(ν0,ψl)‖2 , (9)

where (·) denotes averaging over the frequency within the focusing window.
The focusing matrices were computed according to (7) with several spherical harmonics orders N for a focusing
windows of 15 frequencies. Figure 1 shows ε f (ν0) as a function of the central frequency ν0. To examine the
effect of the order-limited assumption, the values of kr are depicted at the top of figure 1. The dashed line
denotes the values of ε f (ν0) when the focusing matrices were chosen to be an identity matrix, i.e. no focusing
was employed.
Figure 1 shows that, although the focusing computation incorporates the solution of an over-determined system,
good performance can still be achieved, and a significant improvement is evident with respect to the case of
no focusing. In addition, Figure 1 shows that the performance of focusing matrices of order N deteriorates
for kr > N. This is because in this range a truncated representation of the HRTF is used in (7), resulting in
an increased focusing error. Nevertheless, good focusing performance is obtained at frequencies in the range
kr <N. This implies that in the case for which the DPD test does not exhibit high sensitivity to focusing errors,
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Figure 1. Focusing error for several spherical harmonics orders N = 2,4,6,8,10,12 and for focusing window of
15 frequencies. The dashed line depicts the error when no focusing is employed

sparse sampling of the HRTF may be sufficient for good performance. The next section examines the effect of
focusing performance on the DOA estimation.

6 Simulation study
In this section the application of the DPD test for the binaural case is examined through simulation. A simple
acoustic condition of single a speaker and a single room reflection is initially assumed in Section 6.1 in order to
examine the effect of smoothing and focusing. Then, a more complex acoustic condition of a highly reverberant
room is assumed in Section 6.2 in order to examine the effect of smoothing and focusing in a more realistic
condition and to demonstrate the DOA estimation with the DPD test under adverse reverberation conditions.
Azimuth estimation only was considered, which is more natural for the binaural array.
The Numman KU-100 [4] was used as a binaural array. The speaker, simulated as a point source, was posi-
tioned 1.5m away from the array at the array frontal horizontal plane. A four-seconds segment of a speech
signal from the TIMIT database [5] was used as speech material. The spherical harmonics coefficients up to
order N = 12 of the plane waves’ density at the array position were synthesized using the image method [1] at
a sampling frequency of 16kHz. The binaural signal was simulated according to [13].
The DPD test was applied to the simulated signal with the following parameters: STFT with Hann window
of 512 samples length (32 ms) and 50% overlap between adjacent frames, Jτ = 3 time frames and Jν = 15
frequencies were used for averaging, and the focusing matrices were computed with spherical harmonics order
of N = 12. The threshold was selected separately for each frequency such that 5% of the TF bins from each
frequency would pass the test. TF bins from frequencies below 1kHz and beyond 6.5kHz were automatically
rejected by the test.

6.1 A single reflection
A simple acoustic condition of a single speaker and a single room reflection is studied to examine the effect
of smoothing and focusing on DOA estimation with the DPD test. The speaker and the reflection DOAs were
ψ1 = (90◦,70◦) and ψ2 = (90◦,20◦), respectively. The amplitude ratio at the array between the reflection and the
direct-path (speech signal) was 0.6, and the reflection arrives at the array with a delay of 5ms, which represents
the delay of a typical early room reflection. A noise free condition was assumed.
To examine the effect of smoothing and focusing, the DPD test was applied with and without focusing and
smoothing. Under all conditions, the spectrum of MUSIC was computed for the frontal azimuth direction at
each of the selected TF bins. An incoherent integration of the spectrum is then applied by averaging the
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spectra from the different bins. Figure 2 shows the mean MUSIC spectrum under the different conditions. The
true azimuth is marked by a dashed black line.
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Figure 2. Mean MUSIC spectrum from the selected TF bins in each condition: (a) without smoothing, (b) with
smoothing without focusing, (c) with smoothing and focusing. The dashed line represent the direction of the
speaker.

Figure 2a shows that without smoothing the peak in the MUSIC spectrum is away from the speaker azimuth.
This is because, with no smoothing the spatial spectrum in all TF bins is of unit rank; consequently, a significant
number of selected TF bins contain DOA information that is distorted by the reflection. Figures 2b, 2c show
that the MUSIC spectra for both of the conditions that apply smoothing have a peak very close to the speaker
azimuth. Nevertheless, the peak in the condition with focusing is sharper and more prominent. Incorporating
focusing better preserves the spatial information in the smoothed HRTF matrix and, consequently, improves the
DOA estimation from the selected TF bins.

6.2 Reverberant room
The binaural signal due to a speaker in a reverberant room is simulated. A room of dimensions 8× 5× 3m
and with a reverberation time of T60 = 1sec was considered. The array position was selected to be (x,y,z) =
(2,1.5,1.7) m. A sensor noise of 40dB SNR was simulated. Figure 3 shows the mean MUSIC spectra under
the different conditions.

-50 0 50

-80

-60

-40

-20

0

(a)

-50 0 50

-80

-60

-40

-20

0

(b)

-50 0 50

-80

-60

-40

-20

0

(c)

Figure 3. Mean MUSIC spectrum from the selected TF bins in each condition: (a) without smoothing, (b) with
smoothing without focusing, (c) with smoothing and focusing. The dashed line represent the direction of the
speaker.

The results suggest that without smoothing, TF bins that contain a significant contribution from reflections are
selected. Figures 2b, 2c shows that the spectrum for both conditions that apply smoothing are quite similar,
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excluding the area around the speaker azimuth. In this area the condition with focusing has a peak very close
to the speaker azimuth, and the condition without focusing exhibits a couple of peaks with deviation from the
speaker azimuth. This result suggests that focusing have a positive effect the accuracy of the DOA estimation
from the selected TF bins.
Figure 4 shows the spectrogram of the signal obtained in the left microphone and the TF bins that were selected
by the DPD test in black.
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Figure 4. Spectrogram of reverberant speech with selected bins in black

Figure 4 shows that the majority of the selected TF bins are located at the onset of the speech signal. This
is because the direct-sound arrives earlier at the array than reflections that have a longer traveling time. This
result supports the validity of the used measure in selecting TF bins in which the direct-path is dominant.
Figure 5a shows the histogram of the azimuth estimates from the selected TF bins and figure 5b shows the
histogram of the azimuth estimates from all TF bins. The histograms were normalized such that the area below
the graph will equal 1.

(a) (b)

Figure 5. Histogram of azimuth estimates from (a) all bins, (b) selected bins

Comparing the histograms, it is clear that using the TF bins selection with the DPD test improves the accuracy
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of the DOA estimation.

7 Conclusions
In this paper, the DPD test method for speaker localization is examined for the binaural case. Central to the
DPD test is a focusing process. The assumptions at the basis of this focusing process are examined for the
binaural case, and conditions for which these assumptions hold are formulated. It has been shown that good
focusing performance can be obtained in the binaural case. An experiment with simulated data verifies the
necessity of focusing and smoothing and demonstrates the capabilities of the proposed method of overcoming
adverse reverberation conditions with the DPD test.
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Abstract
Direction-of-arrival estimation methods, when used with recordings made in enclosures are negatively affected
by the reflections and reverberation in that enclosure. Direct path dominance (DPD) test was proposed as a
pre-processing stage which can provide better DOA estimates by selecting only the time-frequency bins with
a single dominant sound source component prior to DOA estimation, thereby reducing the total computational
cost. DPD test involves selecting bins for which the ratio of the two largest singular values of the local spatial
correlation matrix is above a threshold. The selection of this threshold is typically carried out in an ad hoc
manner, which hinders the generalisation of this approach. This selection method also potentially increases the
total computational cost or reduces the accuracy of DOA estimation. We propose a DPD test threshold selection
method based on a data-driven statistical model. The model is based on the approximation of the singular value
ratio distribution of the spatial correlation matrices as a generalised Pareto distribution and allows selecting
time-frequency bins based on their probability of occurrence. We demonstrate the application of this threshold
selection method via emulations using acoustic impulse responses measured in a highly reverberant room with
a rigid spherical microphone array.
Keywords: direction-of-arrival estimation, spherical microphone arrays, direct path dominance test (DPD)

1 INTRODUCTION
Direction of arrival (DOA) estimation is one of the essential stages of many different audio and acoustic sig-
nal processing applications. Rigid spherical microphone arrays (RSMA) can be used to obtain the spherical
harmonic decomposition of sound fields which enables the development of 3D DOA estimation methods.
Several DOA estimation methods have been proposed for RSMAs. For example steered response power (SRP)
maps [8] are obtained by steering a maximally directive beam and identifying directions that maximize the
output power as source DOAs. Other methods such as pseudo-intensity vector (PIV) [7] and its improved
version, augmented intensity vectors (AIV) [5] are based on the energetic analysis of sound fields. A subspace-
based extension of PIV method was also proposed [11]. EB-MUSIC [18] and EB-ESPRIT [19] are methods that
are based on the adaptation of high resolution spectrum estimation methods to the spherical harmonic domain.
More recently, hierarchical grid refinement (HiGRID) was proposed as a spatial entropy-based DOA estimation
method [1]. It was shown that HiGRID has a lower computational cost for time-frequency bins that contain a
single sound source.
One of the main problems with EB-MUSIC is the necessity for prior information on the number of sources in
a time-frequency bin. Direct path dominance (DPD) test which can identify time-frequency bins with a single
dominant source was proposed to address this problem [12]. DPD test has since been used together with PIV
and SSPIV to improve the DOA estimation accuracy of these methods [10].
DPD test is based on the calculation of the ratio of the effective rank of the spatial correlation matrix and
selecting the time-frequency bins that have unit effective rank. This is done by calculating the ratio of the
largest two singular values of the spatial correlation matrix. Time-frequency bins for which this ratio is above
a given threshold are selected as bins containing contributions only from a single source and used for DOA
estimation. DPD test is very effective in selecting time-frequency bins with a single sound source when the
employed threshold is selected appropriately. When it is selected to be higher than necessary, it eliminates bins
that contain useful DOA information, potentially resulting in the detection of only the most prominent sources
in multiple source localisation scenarios. In contrast, carrying out the DPD test with a lower than necessary
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threshold results in selecting time-frequency bins that are possibly contaminated by other sources or coherent
reflections, degrading the DOA estimation accuracy, and increasing the computational cost of DOA estimation.
We present a data-driven threshold selection method based on the approximation of the long-term statistical
distribution of singular value ratios as a generalised Pareto distribution. The method allows selecting bins which
have a prescribed probability of occurrence. It also allows an approximate specification of the number of bins
that will be selected, thereby making it possible to adapt the DOA estimation process to the available com-
putational power. We evaluate the capabilities of the method using emulations obtained with acoustic impulse
responses measured using an RSMA and with HiGRID as the DOA estimation method.
This paper is organized as follows. Sec. 2 presents a brief overview of spherical harmonic decomposition. Sec. 3
explains DPD test and DPD test threshold selection using the generalized Pareto distribution (GPD). Sec. 4
presents an evaluation of DPD threshold with the proposed approach for bin selection and DOA estimation
using the hierarhical grid refinement (HIGRID) algorithm for DOA estimation. Sec. 5 concludes the paper.

2 SPHERICAL HARMONIC DECOMPOSITION
It is possible to approximate a spatially band-limited sound field using a linear combination of a finite number
of spherical harmonic functions. For a band-limited pressure distribution p(k,r,Ω) defined on a sphere:

p(k,r,Ω) =
N

∑
n=0

n

∑
m=−n

pnm(k,r)Y m
n (Ω). (1)

where pnm(k,r) are the SHD coefficients that depend on the wave number k and the radius r of sphere, Y m
n (Ω)

is the spherical harmonic function of order n ∈ N and degree m ∈ Z evaluated at the direction Ω = (θ ,φ), N is
the maximum order of the decomposition. SHD coefficients are related to the sound field, such that:

pnm(k,r) =
∫∫

S
p(k,r,Ω) [Y m

n (Ω)]∗ dΩ (2)

where S is a spherical surface.
In practice, sound fields can be recorded via spherical microphone arrays. Such arrays sample the sound field
at a finite number of Q points, {Ωq}q=1···Q on a spherical surface. If the sampling scheme satisfies the orthogo-
nality conditions of the spherical harmonic functions [9], the following cubature can be used to obtain the SHD
coefficients:

pnm(k,r) =
Q

∑
q=1

wq p(k,r,Ωq) [Y m
n (Ω)]∗ (3)

where {wq}q=1···Q are the cubature coefficients. The maximum SHD order and the number of microphones on
the array are related by Q≥ (N +1)2.
SHD coefficients of the sound field around a rigid sphere due to a single monochromatic plane wave with
frequency f , wavenumber k = 2π f , arrival direction Ωs, and amplitude al(k) ∈ C are given as [16]:

p(l)nm(k,r) = al(k)e jk·r = 4πinal(k)bn(kr) [Y m
n (Ωs)]

∗ (4)

where bn(kr) is a frequency dependent weight that is due to a combination of the incoming and scattered
sound. Notice that we omitted the time dependence of the plane wave for simplicity. SHD coefficients can
be normalized to obtain the spherical harmonic functions. For a monochromatic plane wave with the complex
amplitude αl(k) ∈ C, the normalized SHD coefficients are:

p̃(l)nm(k) =
pnm(k,r)

4πinbn(kr)
= αl(k) [Y m

n (Ωs)]
∗ (5)
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Sound fields can be represented as linear combination of multiple plane waves. Since SHD is a linear operation,
the SHD coefficients of a sound field comprising multiple plane waves will consist of a linear combination of
the SHD coefficients of its constituents. For a sound field that consist of L plane waves:

p̃nm(k) =
L

∑
l=1

αl(k) [Y m
n (θ ,φ)]∗ , (6)

which can be expressed in matrix notation as pnm(k) =YH
s a(k) where a(k) = [a1(k),a2(k), ...,aL(k)]T is the L×1

complex amplitude vector, Ys is L× (N +1)2 beamspace manifold matrix with the l-th row given by:

y(Ωl) = [Y 0
0 (Ωl),Y−1

1 (Ωl),Y 0
1 (Ωl), ...,Y N

N (Ωl)] (7)

In general terms, DOA estimation with RSMAs corresponds to the identification of Ωl given pnm(k) subject to
certain practical constraints such as sensor noise, and by using certain assumptions appropriate for the task such
as a priori knowledge on the number of sound sources.

3 THRESHOLD SELECTION FOR DIRECT PATH DOMINANCE TEST
Direct path dominance (DPD) test is a time-frequency bin selection method that was originally proposed for
use with eigenbeam multiple signal classification (EB-MUSIC) algorithm [12]. Apart from its advantages when
used with EB-MUSIC, DPD test can be used as a preprocessing stage for any DOA estimation method. DPD
test operates on the windowed Fourier transform of the SHD coefficients of the sound field. Therefore, the
discussion that follows assumes the SHD coefficients pnm(τ,κ) are available up to a given order, N.
DPD test [12] is based on the observation that, the spatial correlation matrix has unit rank for time-frequency
bins where only a single direct component exists. While the real spatial correlation matrix cannot be exactly
known, its expectation in a given time-frequency bin can be used as an approximation. This can be calculated
by averaging the observed spatial correlation matrices over time and frequency, such that:

R̃p(τ,κ) =
1

Jtot

Jτ

∑
jτ=−Jτ

Jκ

∑
jκ=−Jκ

Rp(τ + jτ ,κ + jκ) (8)

where Jtot = (2Jτ + 1)(2Jκ + 1) and the spatial correlation matrix Rp(τ,κ) = pnm(τ,κ)pnm
H(τ,κ) is evaluated

at the time-frequency bin (τ,κ). Time-frequency averaging across 2Jτ + 1 time and 2Jκ + 1 bins acts as the
expectation. Notice that Rp(τ + jτ ,κ + jκ) is by itself unit rank, but the time-frequency averaged spatial cor-
relation matrix need not be, unless the SHD coefficient vectors, {pnm

H(τ,κ)} in the time-frequency averaging
window are scaled copies of each other. The latter case would only occur if there is a single source in the time-
frequency averaging window. However, there will always be multiple components (e.g. sources and coherent
reflections) in a real sound field, and the spatial correlation matrix will be full rank.
In order to differentiate the case where the direct sound is dominant for cases where the spatial correlation
matrix is numerically calculated to be full rank, the DPD test involves the identification of time-frequency bins
where the effective rank of the time-frequency averaged spatial correlation matrix is unity. This is achieved via
obtaining the singular value decomposition (SVD) of the averaged spatial correlation matrix and calculating the
ratio of the two largest singular values. In other words time-frequency bins for which the effective rank is unity
are selected such that:

PDPDtest =
{
(τ,κ) : erank

(
R̃p(τ,κ)

)
= 1
}

(9)

where,

E = erank
(

R̃p(τ,κ)
)
= 1 if R =

σ1(τ,κ)

σ2(τ,κ)
> TDPD, (10)

Here, σ1(τ,κ) and σ2(τ,κ) are the largest and second-largest singular values of R̃p(τ,κ) and TDPD � 1 is a
threshold. Notice that the ratio of the singular values given in (10) can never be less than unity.
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Figure 1. Normalised histograms of R for sources at a distance of (a) 0.5 m and (b) 2.6 m. The fitted
generalized Pareto distributions are also shown with red curves.

The selection of the DPD threshold is typically made in an ad hoc manner by selecting a satisfactory value
which which will eliminate a majority of time-frequency bins and at the same time provide good DOA estimates
subject to the capabilities of the selected DOA estimation method [10, 17]. Therefore, DPD threshold selection
has a profound effect on the trade-off between the accuracy and computational cost of DOA estimation.
The data-driven threshold selection approach we propose in this paper is based on the observation that the
singular value ratios of spatial correlation matrices come from heavy right-tailed probability distributions. These
distributions were observed to change with the reverberation time, direct-to-reverberant (D/R) ratio, as well as
the number and types of sources to be localized.
A flexible probability distribution that can be used to approximate such distibutions is the generalised Pareto
distribution (GPD). GPD is a three-parameter probability distribution that is effective when used to model the
tails of other probability distributions [15]. Cumulative distribution function (CDF) of GPD [3] is given as:

Fζ ,σ ,µ(x) = 1− [1−ζ (x−µ)/σ ]1/ζ (11)

Note that Fζ ,σ ,1(1) = 0. Probability density function (PDF) of GPD is given as:

fζ ,σ ,µ(x) =
1
σ

[
1− ζ (x−µ)

σ

](1−ζ )/ζ

(12)

where ζ ≤ 0 is the shape parameter, σ > 0 is the scale parameter, and µ > 0 is the location parameter.
In reverberant environments, the probability of observing a high ratio of singular values is low. Similarly, for
most realistic cases involving speech or music signals, the time-frequency representation is sparse, resulting in
a majority of time-frequency bins which have a low singular value ratio. If we assume that effective ranks
calculated for each time-frequency bin as in (10) come from a GPD with a location parameter, µ = 1, the
selection of the DPD threshold can be made based on the probability of observing a ratio greater than a desired
ratio threshold, TDPD such that:

P[R > TDPD] = 1−
∫ TDPD

1
fζ ,σ ,1(x)dx = 1−Fζ ,σ ,1(TDPD)+Fζ ,σ ,1(1) (13)

where P[·] represents the probability. In other words, if the scale and shape parameters can be estimated from
the singular value ratios of time-frequency bins, the threshold for the DPD test can be selected as the minimum
value which satisfies:

P[R > TDPD] = 1−Fζ ,σ ,1(TDPD)< P̂ (14)
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The threshold to be used in the DPD test in order to guarantee that the ratio for the selected bins have the
probability of occurrence, P̂ should then be selected to satisfy:

TDPD > σ(1− P̂ζ )/ζ (15)

The scale and shape parameters of the underlying distribution can be trivially obtained via maximum likelihood
estimation [6, 2]. This way it becomes possible to select the DPD threshold in a deterministic way. The number
of selected bins can also be approximately controlled, i.e. for K time-frequency bins that are analysed, the the
expected number of bins selected this way will be approximately KP̂.
Fig. 1 shows the normalised histograms and the fitted generalized Pareto distributions for two sources at the
different distances of 0.5 m and 2.6 m. It may be observed that moving the source away from the RSMA
results in a higher number of bins with lower R since the D/R ratio decreases. The parameters, (ζ ,σ ,µ) of
the fitted GPD are (−1.7241,10.1377,1) and (−0.53987,6.14617,1).

4 EVALUATION
We evaluated the DPD threshold selection method using emulated sound recordings. The details of this evalua-
tion is given in this section.

4.1 Sound scene emulations
We used two sets of anechoic audio signals for the evaluations: music and speech. Music signals consisted of
4 seconds of anechoic recordings of Mahler’s Symphony Nr. 1, Mvt. 4 [14] at the sampling rate of fS = 48
kHz. The four tracks where violins are playing in unison are selected. Speech signals consisted of the first 4
seconds of energy normalized dry speech signals from two male and two female speakers recorded at METU
SPARG audio lab. The sampling rate was fS = 48 kHz.
We used the acoustic impulse responses (AIRs) recorded with Eigenmike em32 microphone array in a classroom
with a reverberation time of T60 ≈ 1.12 s [13]. Signals used in the evaluations were obtained by convolving the
source signals with measured AIRs.
Three simple scenarios were simulated. In all three scenarios, the four sources were positioned at the drections
(π/2,0), (π/2,π/2), (π/2,π), and (π/2,3π/2). In the first, second and third scenarios, the sources were posi-
tioned at a the distances of 0.5 m, 1m and 1.5 m from the RSMA, respectively. These distances correspond to
average direct-to-reverberant (D/R) ratios of 10.72, 5.69, and 2.12 dB, for the scenarios 1, 2, and 3, respectively.

4.2 DPD test parameters
Windowed Fourier transform with a 1024-point FFT and a Hamming window with 75% overlap are used in the
evaluations. The frequency range of analysis was between 2608 and 5216 Hz which allowed a decomposition
of order N = 4. Smoothing parameters for the DPD test were Jτ = 4 and Jν = 15. Only the SHD coefficients
up to an order of N = 3 were used for calculating the spatial correlation matrices.
Selection of bins using the DPD test was made for five different probability levels, P̂ = 0.00625, 0.0125, 0.025,
0.05, and 0.1 after fitting a GPD to the observed data via maximum likelihood estimation as described in [2].

4.3 DOA Estimation Method
We used hierarchical grid refinement (HiGRID) [1] as the DOA estimation method. HiGRID is based on the
calculation of a sector averaged power of a plane-wave decomposition steered response and identifies the DOAs
of sources by seeking a data-adaptive multresolution steered response representation that minimises spatial en-
tropy. The algorithm provides very accurate DOA estimates on par with other state-of-the-art DOA estimation
methods such as EB-MUSIC at a lower computational cost. It is also robust to noise and reverberation, and can
localise multiple coherent sources. HiGRID is an output sensitive algorithm which has a lower computational
cost for a low source count. Therefore, using the DPD test as a pre-processing stage to identify bins with a
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Table 1. DPD test thresholds for different probabilities, P̂.
P̂ 0.00625 0.0125 0.025 0.05 0.1

Scenario 1 (Violins) 79.6 53.7 35.6 23.0 14.2
Scenario 2 (Violins) 46.7 34.9 25.5 18.0 12.2
Scenario 3 (Violins) 34.7 26.6 20.0 14.5 10.0
Scenario 1 (Speech) 459.5 226.5 110.9 53.6 25.2
Scenario 2 (Speech) 94.0 58.7 36.2 21.8 12.6
Scenario 3 (Speech) 31.6 22.7 16.0 11.0 7.2

Table 2. Number of bins selected for different probabilities, P̂.
P̂ 0.00625 0.0125 0.025 0.05 0.1

Scenario 1 (Violins) 379 675 1414 2536 4426
Scenario 2 (Violins) 386 727 1344 2433 4733
Scenario 3 (Violins) 502 828 1328 2335 4570
Scenario 1 (Speech) 55 191 797 2389 5102
Scenario 2 (Speech) 67 287 1013 2638 5317
Scenario 3 (Speech) 164 519 1364 2825 5494

single dominant component would reduce its computational cost even further.
HiGRID was used on the time-frequency bins selected via the DPD test. The maximum SHD order was N = 4,
and the maximum resolution level used was 3 which which corresponds to a spherical grid with 768 elements
and provides angular resolution of 7.33◦. Implementations of HiGRID and DPD in Python 3.6 were used [4].

4.4 Results
Table 1 shows the thresholds calculated for different scenarios at different probability levels. Values shown with
bold typeface indicate cases where less than four sources were localised. It may be observed that decreasing
P̂ corresponds to a higher DPD test threshold and it is possible to use high DPD thresholds without degrading
DOA estimation performance.
Table 2 shows the number of bins selected from a total of 42552 time-frequency bins in each tested case. It
may also be observed that the thresholds and the number of selected bins are different for speech and music as
well as for different scenarios. The number of selected bins approximately coincide with P̂×100% of the total
number of tested bins.
The time-frequency bins that pass the DPD test are processed with HiGRID to determine the source DOAs.
Fig. 2 shows the spherical DOA histogram for Scenario 2 with violins using bins selected by setting P̂ = 0.025.
All sources are clearly represented by a distinct peak in the histogram.
Table 3 shows the DOA estimation errors using data-driven DPD test threshold selection and HiGRID for the
emulated cases. Except for very low values of P̂, all four sources were correctly localised with a very low
average DOA estimation error below half of the maximum resolution used in nearly all cases. Another observa-
tion is that higher thresholds can be used for closer sources and vice versa. Overall, P̂ = 0.0125 and P̂ = 0.025
are good selections for music and speech, respectively, providing low DOA estimation errors at a low compu-
tational cost for all the different cases tested. The effect of reverberation time and other acoustical features of
the recording venue on threshold selection remains to be investigated.
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Table 3. DOA estimation errors in degrees.
P̂ 0.00625 0.0125 0.025 0.05 0.1

Scenario 1 (Violins) 3.27◦ 2.77◦ 2.24◦ 1.91◦ 1.52◦

Scenario 2 (Violins) 4.36◦ 2.92◦ 2.06◦ 1.10◦ 1.38◦

Scenario 3 (Violins) 4.01◦ 3.34◦ 1.56◦ 0.99◦ 1.21◦

Scenario 1 (Speech) 8.31◦ 3.31◦ 3.53◦ 3.14◦ 2.30◦

Scenario 2 (Speech) 0.02◦ 2.41◦ 2.61◦ 2.74◦ 1.92◦

Scenario 3 (Speech) 1.12◦ 3.32◦ 2.87◦ 1.56◦ 1.05◦

100

200

200

400

Inclination histogram

Azimuth Histogram

Figure 2. Mollweide projection of DPD-HiGRID DOA histogram showing the peaks of source locations on a
spherical grid consisting of 768 pixels.

5 CONCLUSIONS
We proposed a data-driven threshold selection method for the direct path dominance test in this paper. The
method is based on the observations that the singular value ratios used in the DPD test come from a heavy
right-tailed distribution which can be approximated well by using the generalised Pareto distribution, and also
that time-frequency bins that contain a single source only are rare events. These observations allow the selection
of a DPD test threshold using the probability of occurence, effectively allowing the control of approximate
number bins to be processed. We presented an evaluation of the proposed method for speech signals and noise.
The evaluations revealed that DPD test thresholds that are much higher than those reported in literature can be
used without degrading the performance of DOA estimation.
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Abstract
This paper presents an algorithm for source localization using a beamforming-inspired spatial covariance model
(SCM) and complex non-negative matrix factorization (CNMF). The spatial properties are modeled as the
weighted sum of spatial kernels which encode the phase an the amplitude differences between microphones
for every possible source location in a grid. The actual localization for each individual source in the multichan-
nel mixture is estimated using complex-valued non-negative matrix factorization (CNMF) where each source
spectrogram is modeled using a dictionary of spectral patterns learned a priori from training material.
Localization performance of the proposed system is evaluated using a multi-channel dataset with configurations
(number of simultaneous sources, reverberation time, microphones spacing, source types and spatial locations
of the sources). Finally, a comparison to other state-of-the-art localization methods is performed, showing
competitive localization performance.
Keywords: Localization, DOA estimation, spectral patterns, SCM, CNMF

1 INTRODUCTION
The task of sound source localization (SSL) consists of estimating the spatial positions of the sources in the
acoustic scene and has been applied to multiple applications like audio surveillance, teleconferencing, speech
enhancement for hearing-aids, or camera pointing systems [14].
Algorithms for SSL can be classified as indirect and direct approaches [11]. Indirect approaches usually follow
a two-step procedure: 1) estimate the Time Difference Of Arrival (TDOA) [6] between microphone pairs and, 2)
estimate the source position based on the geometry of the array and the estimated delays. Alternatively, direct
approaches perform TDOA estimation and source localization in a single step by analyzing a set of candidate
locations and selecting the optimal spatial position as an estimate of the source location [7].
In fact, SSL performance is closely related to the quality of the TDOAs estimation. According to [3], there are
three general approaches for TDOA estimation: 1) locally for each time-frequency bin and then select the higher
peaks in the resulting histogram [8], 2) using an iterative estimation of the time-frequency bins associated to
each source and the corresponding TDOAs by clustering method using maximum likelihood [18], 3) estimating
an angular spectrum and selecting the high peaks in this function [15]. This angular spectrum can be constructed
using different measures, such as correlation between channels [10] or subspace decomposition of the spatial
covariance matrix (SCM) [9].
Sound field decomposition aims to represent a sound field as a linear combination of fundamental solutions
of the wave equation (or Helmholtz equation) from the results of the pressure measurements. This technique
has been applied for several acoustic signal processing applications, such as sound field analysis, reconstruction
and visualization. Using this technique, the entire sound field can be estimated from the signals received by
multiple microphones which in fact involves source localization or direction of arrival (DOA) estimation because
the power distribution of the pressure field indicates the locations or directions of the sound sources.
Several source localization and DOA estimation methods [12, 2, 17] also assume that the soundfield can be
represented as a spatially sparse distribution of sound sources over an overcomplete linear equation of the
observations. However, in those methods no assumptions are imposed on the structure of the source signals
in the time-frequency domain. Alternatively, NMF-based signal decomposition allows further constraints on the
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source signal model. For instance, a recent approach in [13] combines supervised CNMF and sparse sound field
decomposition, obtaining superior results for DOA estimation than other methods using sparse representations.
In this work we propose a supervised SSL estimation method using a beamforming-inspired SCM model and
CNMF. In particular, our method takes the frequency-spectrum structures (spectral patterns) of the source sig-
nals into consideration. By exploiting spectral structures trained in advance, it is possible to improve the de-
composition accuracy even when the source signals are highly correlated and the sources are in a highly noisy
environment. Moreover, this prior information allows to relate each sources and spatial locations without any
post-processing stage. The mixing filter for the multichannel input signal is modeled as a weighted combination
of the spatial kernels scanning all possible locations in a grid. For the task of DOA estimation, this spatial ker-
nels can be configured to scan all possible directions of arrivals across the 360 degrees [16]. In this work, the
spatial kernels are decomposed into two direction dependent SCMs to represent both time and level differences
between microphones caused by a single spatial location and its analytic TDOA for a given array geometry [4].
The level differences are represented using a panning-inspired frequency-independent covariance matrix. On the
contrary, time delays are modeled using a frequency-dependent phase difference covariance matrix. The source
localization is estimated from the frequency-independent directional weights (here denoted as spatial weights)
which represent the spatial distribution of the sources across the spatial grid. As a result, the effect of the
spatial aliasing is mitigated since the model accounts for phase difference evidence across frequency by single
frequency-independent time delays of individual spatial kernels. To estimate the model parameter, namely the
activations of the learned spectral patterns for each source, the relative amplitude between microphones and the
spatial weights, a CNMF algorithm has been developed using the Itakura Saito optimization function [19].
The estimated spatial location is obtained from the highest peak of the spatial weights associated to each source.
Evaluation is performed using the two datasets with different setups in [3] and [5]. Moreover, the proposed
method has been compared with other localization methods in the literature in terms of SSL.
The rest of the paper is organized as follows. Section 2 presents the multichannel signal mixing model, section
3 introduces the proposed spatial kernel based SCM localization model. The proposed algorithm for source
localization is explained in section 4. Evaluation of the proposed method and comparison with other methods
from the literature is performed in section 5. Finally, conclusions are presented in section 6.

2 MULTICHANNEL SIGNAL MIXING MODEL USING SPATIAL COVARIANCE MA-
TRICES

In this work, we use the spatial covariance matrix (SCM) signal representation used in [4, 16, 19]. Rather
than absolute phase values, a SCM represents the phase and the amplitude difference between every pair of
microphones in the multichannel mixture. Firstly, the magnitude square-rooted matrix x̃ f t for each frequency
bin f and time frame t of the captured signal at each sensor x̃ f t = [x̃ f t1, ..., x̃ f tM]T is computed as

x̃ f t = [|x̃ f t1|1/2sgn(x̃ f t1), ..., |x̃ f tM|1/2sgn(x̃ f tM)]T , (1)

where sgn(z) = z/|z| is the signum function for complex numbers. Then, the SCM X f t for a single time-
frequency point ( f , t) is defined from the multichannel captured signal x̃ f t as the outer product

X f t = x̂ f t x̂H
f t =

 |x̃ f t1| · · · x̃ f t1x̃∗f tM
...

. . .
...

x̃ f tM x̃∗f t1 · · · |x̃ f tM|

 , (2)

where H stands for Hermitian transpose. Note that the main diagonal of X f t encodes the magnitude spectrum of
each channel and the spatial properties of the mixture are represented by its off-diagonal values, which encode
the phase difference between each microphone pair.
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The source mixing model can be defined in terms of the SCM representation as

X f t ≈ X̂ f t =
S

∑
s=1

H f s|ŷ f ts| (3)

where |ŷ f ts| denotes the magnitude spectrogram for each source s ∈ [1, ...,S] and H f s ∈ CM×M is the SCM
representation of the spatial frequency response h̃ f s. As explained in [16], the SCM model in Eq. 3 can be
approximated to be purely additive in anechoic conditions assuming that the sources are uncorrelated and sparse
(i.e. only a single source is active at each time frequency ( f , t) point). However, this supposition does not
always hold in reverberant environments as depicted in [5].

3 PROPOSED SCM MODEL FOR SOURCE LOCALIZATION
In this paper, we present an algorithm for source localization based on SCM and CNMF. In particular, we
propose to incorporate within the signal model a dictionary of spectral patterns for all the sources in the mixture.
Unlike the method proposed in [5], where the localization is carrying out using the magnitude spectrum for each
source, here a previous NMF stage is performed to learn a set of basis for each source and, then, the estimation
of the spectrogram parameters in the STFT domain is computed using CNMF.
The proposed signal model for SCM observation is presented in Eq. 4 as

X f t ≈ X̂ f t =
S

∑
s=1

O

∑
o=1

W f o︷ ︸︸ ︷
P f o ◦A∗o z∗so︸ ︷︷ ︸

H f s

(
K

∑
k=1

B f ksg∗kts

)
︸ ︷︷ ︸

|ŷ f ts|

(4)

where the superscript ∗ refers to a free parameter during the factorization and ◦ stands for the Hadamard
product. The SCM mixing filter H f s is computed as a linear combination of spatial kernels W f o ∈ CM×M

multiplied by the spatial weights matrix zso ∈ RS×O
+ which relates sources s with spatial elements of the grid o.

Moreover, we propose to decompose the spatial kernels W f o into two covariance matrices: the phase differences
covariance matrix (PDCM) P f o and the level differences covariance matrix (LDCM) Ao.
As in [4], the phase difference between microphones is kept fixed during the factorization process while the
relative amplitudes are estimated using the LDCM. In this manner, the parameter P f o is obtained a priori for
every spatial position as [P f o]pm = e jθpm( f ,o), where the function θpm( f ,o) = 2π fiτpm(xo) encodes the phase
difference for each pair of sensors (p,m) at each bin f and spatial position o.
Note that a fixed number of look position o = 1, ...,O are used to cover the grid space. For a pair of micro-
phones (p,m), each spatial position xo can be turned into a TDOA (in seconds) using the following expression:

τpm(xo) =
||xo−p||2−||xo−m||2

c
(5)

where || · ||2 denotes the L2-norm, xo, p and m are the source spatial position o and the microphone m and p
locations using the Cartesian coordinate system, respectively, and c is the speed of sound.
In this work, the magnitude time-frequency spectrogram |ŷ f ts| for each source s is computed as a linear com-
bination of basis functions B f ks ∈ RF×K×S

+ and their corresponding time-varying gains gkts. In particular, the
basis functions for each source s consist of a set of spectral patterns learned in advance using a standard NMF.
During the factorization process, these basis function are fixed.
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4 CNMF ALGORITHM FOR SOURCE LOCALIZATION
In this work, the parameters of the proposed SCM model in Eq. 4 are estimated using CNMF. We have used a
similar approach to [19] to obtain the multiplicative updates via auxiliary functions for the case of the Itakura
Saito (IS) divergence. As demonstrated in [19], MU updates provide faster convergence than the EM algorithms.

4.1 Formulation for Itakura Saito Divergence
The Itakura Saito divergence between the observed X f t and the estimated X̂ f t SCM observations is expressed
as:

DIS(X f t , X̂ f t) = tr(X f tX̂−1
f t )− log(det(X f tX̂−1

f t ))−M (6)

In pursuit of brevity, we write directly the multiplicative update rules of the IS divergence for each free param-
eter gkts and zso in Eq. 6 as:

gkts← gkts

√√√√∑ f ,o zsoB f ks tr(X̂−1
f t X f tX̂−1

f t W f o)

∑ f ,o zsoB f ks tr(X̂−1
f t W f o)

zso← zso

√√√√∑ f ,t,k B f ksgkts tr(X̂−1
f t X f tX̂−1

f t W f o)

∑ f ,t,k B f ksgkts tr(X̂−1
f t W f o)

(7)

Finally, update rules for the level matrix Ao are obtained as in [19] by solving an algebraic Ricatti equation as
AoCAo = D, where C and D are defined as

C = ∑
s,k

zsoB f ks ∑
f ,t

gktsX̂−1
f t ◦P∗f o D = ∑

f
(W′f o(∑

s,k
zsoB f ks ∑

t
gktsX̂−1

f t X f t X̂−1
f t )W

′
f o)◦P f o (8)

Note that W′
f o is the target matrix before the update. The solution of the Riccati equation is obtaining in three

step. Firstly, a 2M×2M matrix E =

[
0 −C
−D 0

]
is defined. Then, the 2M eigenvectors from E is computed as

e1, ...,e2M and, finally, the eigenvectors is sorted according to the associated eigenvalues in ascending order and
remove the vectors corresponding to the smallest eigenvalues discarding the negative eigenvalues. As a result,
M sorted eigenvectors e′1, ...,e

′
M are achieved.

Then, the new Ao is obtained as Ao ← IJ−1, where the M×M matrices I and J are defined from the sorted
eigenvectors e′ as J = [e′1,1:M, ...,e′M,1:M] and I = [e′1,M+1:2M, ...,e′M,M+1:2M]. Finally, to compensate for computer
arithmetical error, we ensure Ao is Hermitian by Ao← 1

2 (Ao +AH
o ).

5 EVALUATION
5.1 Experimental Setup
The proposed method is evaluated using two datasets for two-channels and four-channel mixture signals. For
the task of DOA estimation, the amount of look directions O conforms an angular grid that covers 180 degrees
for the two-channel and 360 degrees for the four-channel dataset, respectively. To alleviate the computational
complexity, all the directions have been scanned in the zero elevation plane. In addition, in the four-channel
dataset and for the task of source localization, the position of the source is estimated as a specific position into
a spatial grid in x, y and z axes, where the grid resolution is set as 50 cm for the three axes.
First, a two-channel dataset is composed of 2964 mixtures of 11 s duration corresponding to the male and
female speeches belonging to the database used in [3]. The sampling frequency of the mixture signals is 16
kHz. It covers an extensive number of configurations (2 to 6 sources), 4 microphone spacings (5 cm, 15 cm,
30 cm and 1 m), 6 reverberation times RT60 (50 ms, 100 ms, 150 ms, 250 ms, 500 ms and 750 ms), 2 source
types (male and female speeches) and multiple angular positions of the sources. The mixing filters are generated
according to a room of dimensions 4.45 m × 3.55 m × 2.5 m.
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The four-channel dataset is composed of 96 mixtures of 30 s duration that corresponds to male and female
speeches from the original database used in [5]. The sampling frequency of the signals is 16 kHz. This dataset
comprises several number of configurations (2 to 3 sources), 2 microphone spacings (5 cm and 54 cm) for the
angular grid and 3 microphone positions (located at the ends of the room, and located at the center of the room
with spacings of 5 cm and 54 cm) and 2 source types (male and female speeches). The average reverberation
time RT60 is 350 ms. The room dimensions are 7.95 m × 4.90 m × 3.25 m.
The performance of the proposed algorithm has been compared with five state-of-the-art methods: the general-
ized cross-correlation with phase transform (GCC-PHAT) [10], the multiple signal classification (MUSIC) [20],
the minimum variance distortionless response (MVDR) beamformer [1] and the diffuse noise model (DNM) [3].
Evaluation of the proposed method is performed applying the criteria and evaluation code used in [3]. An
estimated DOA is considered as correct if its difference with the true DOA is less than 5 degrees for the
angular grid whereas for the spatial grid it is correct if the position is correctly estimated for the three axes.
The following metrics are computed: recall R, precision P and F-measure F . These metrics are defined by
R = IJ

S , P = IJ
J and F = 2 R×P

R+P , where J is the number of estimated DOAs, IJ is the number of correct DOAs
and finally S is the number of sources. For a fair comparison, the number of sources is assumed to be known
(J = S). Then, same values for R, P and F are obtained so the latter metric will be evaluated.

5.2 Results for DOA estimation
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Figure 1. Average results for the 2-channel dataset.

First, the proposed method applying the angular grid is analyzed. Figure 1a shows a comparison with the state-
of-the-art methods enumerated in Section 5.1 for the 2-channel dataset. It can be observed that the proposed
method and GCC-PHAT, MVDR and DNM methods obtain similar results. For this dataset, DNM method
slightly over-performs the proposed method (F = 0.76 and F = 0.7, respectively).
The F-measure as a function of the number of sources, microphone spacing and reverberation time RT60 for
the proposed method is presented in Figure 1b. The proposed algorithm obtains higher localization performance
when the number of sources decreases. According to the microphone spacing, optimal values are obtained for
15 and 30 cm. Since the proposed algorithm models both the inter-microphone amplitude and the phase dif-
ference, when dealing with short spacing arrays (5 cm) the inter-microphone amplitudes are negligible and the
localization is performed using the phase information. In the case of large spacing arrays (1 m), the localiza-
tion is carried out using the amplitude information, because the phase information is ambiguous due to spatial
aliasing. Finally, regarding the reverberation time, the localization performance is lower as this time increases.
Figure 2a shows the average F-measure of the proposed and the state-of-the-art methods for the 4-channel
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Figure 2. Average results for the 4-channel dataset.

dataset. The proposed method obtains the best results among the compared methods (F = 0.87). Regarding the
other methods, best results are obtained by the DNM method (F = 0.79).
A comparison of the proposed method with the state-of-the-art methods according to the number of sources and
microphone spacing is presented in Figure 2b. The best localization performance is obtained by the proposed
method for the second and fourth setups, where the microphone spacing is 54 cm. For the first and third setups,
the proposed method obtains the second best performance.

5.3 Results for spatial position estimation in a grid
Here, the proposed method is evaluated for sources located into specific positions into a spatial grid in x, y and
z axes, where the grid resolution is set as 50 cm for the three axes. Then, a comparison of the proposed method
according to the microphones position is performed. Locating the microphones in the center of the room, the
proposed method is not able to correctly estimate the specific position of the source (F = 0) for the case of
short arrays (5 cm). Dealing with large spacing arrays (1 m), the localization performance improves, obtaining
an average of F = 0.45 for the cases of 2 and 3 sources. However, when the microphones are placed on the
walls of the room, the results outperform, obtaining an average of F = 0.9 for the case of 2 sources and F = 0.4
for the case of 3 sources. This performance was expected, because, when the array is placed in the center of the
room, the distance between the sources and the microphones is large enough to consider a far-field problem,
which causes the phase differences between positions with the same DOA to be indistinguishable. However,
when the microphones are placed on the walls of the room, a near-field problem is carried out, obtaining better
results due to major phase differences for all grid positions.
Figure 3 shows an example of the spatial localization for two concurrent sources. The sources are located into
the spatial position in the grid o = 283, corresponding to x = 1 m, y = 3 m, z = 1 m and at 0◦ azimuth; and
o = 1026, corresponding to x = 4 m, y = 5 m, z = 1 m and at 90◦ azimuth. For the case of DOA estimation, the
proposed method allows to identify the actual DOA for each source. However, it can only identify the correct
position in the grid when the microphones are placed on the walls of the room.

6 CONCLUSION
In this work, we proposed a multi-source localization method using a beamforming-inspired SCM model and
CNMF with the IS optimization function. The proposed method uses a dictionary of spectral patterns learned
in advance for each source, what improves the estimation of the mixing parameters and allows to relate each
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tion in a grid for two concurrent sources
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Figure 3. Example of the spatial weights matrix zso estimation for two concurrent sources from the cases: (a)
DOA estimation, (b) spatial position estimation in a grid with the microphone placed in the center of the room,
and (c) spatial position estimation in a grid with the microphone placed on the walls of the room. The lines in
blue and red represents the estimated localization for sources 1 and 2.

sources and spatial positions without any post-processing stage. The mixing model is obtained as a weighted
combination of spatial kernels that model the amplitude and the phase differences for every possible source
location in a grid.
Localization performance of the proposed system is evaluated using two multichannel datasets with several
setups (number of simultaneous sources, reverberation time, microphones spacing, source types and spatial loca-
tions of the sources). Finally, a comparison to other state-of-the-art localization methods is performed, showing
competitive localization performance.

ACKNOWLEDGEMENTS
This work is supported by Pre-doctoral Fellowship Program from the “Ministerio de Ciencia, Innovación y Uni-
versidades” of Spain under the reference BES-2016-078512 and by the University of Jaén under the program
“Acción 1. Apoyo a las estructuras de investigación de la Universidad de Jaén para incrementar su competitivi-
dad atendiendo a sus singularidades”.

REFERENCES
[1] Araki, S.; Nakatani, T.; Sawada, H.; Makino, S. Stereo source separation and source counting with MAP

estimation with Dirichlet prior considering spatial aliasing problem, Proc. 8th Int. Conf. on Independent
Component Analysis and Blind Source Separation (ICA), 2009, pp 742-750.

[2] Asaei A, Bourlard H, Taghizadeh MJ, Cevher V. Model-based sparse component analysis for reverberant
speech localization. In: ICASSP, IEEE International Conference on Acoustics, Speech and Signal Processing
- Proceedings. 2014.

[3] Blandin, C.; Ozerov, A.; Vincent, E.. Multi-source TDOA estimation in reverberant audio using angular
spectra and clustering, Signal Processing, Vol 92(8), 2012, pp 1950–1960.

[4] Carabias-Orti, J.J.; Nikunen, J.; Virtanen, T.; Vera-Candeas, P.. Multichannel Blind Sound Source Separation
Using Spatial Covariance Model With Level and Time Differences and Nonnegative Matrix Factorization.
IEEE/ACM Trans Audio, Speech, Lang Process, September, 2018, Vol 26(9), pp 1512–1527.

3327



[5] Carabias-Orti, J.J.; Cabanas-Molero, P.; Vera-Candeas, P.; Nikunen, J. Multi-source localization using a
DOA Kernel based spatial covariance model and complex nonnegative matrix factorization, Proceedings of
the IEEE Sensor Array and Multichannel Signal Processing Workshop, Sheffield, UK, 2018, pp 440–444.

[6] Chen J, Benesty J, Huang Y. Time delay estimation in room acoustic environments: An overview. EURASIP
J. Appl. Signal Process., vol. 2006, pp. 1–19, 2006.

[7] J.H. DiBiase, H.F. Silverman, and M.S. Brandstein, “Microphone arrays: signal processing techniques and
applications,” Eds: Michael Brandstein and Darren Ward, Springer-Verlag, 2001.

[8] Faller C, Merimaa J. Source localization in complex listening situations: selection of binaural cues based
on interaural coherence. J. Acoust. Soc. Am. 2004

[9] Hassani A, Bertrand A, Moonen M. Cooperative integrated noise reduction and node-specific direction-of-
arrival estimation in a fully connected wireless acoustic sensor network. Signal Processing. 2015, 107, pp.
68–81

[10] Loesch, B.; Yang, B.. Adaptive segmentation and separation of determined convolutive mixtures under
dynamic conditions, Proceedings 9th International Conference, LVA/ICA, 2010, pp 41–48.

[11] N. Madhu and R. Martin, “Acoustic source localization with microphone arrays,” in Advances in Digital
Speech Transmission. Hoboken, NJ:Wiley, 2008, pp. 135–166.

[12] Malioutov D, Çetin M, Willsky AS. A sparse signal reconstruction perspective for source localization with
sensor arrays. IEEE Trans Signal Process, vol. 53, no. 8, pp. 3010–3022, 2005.

[13] Murata N, Koyama S, Kameoka H, Takamune N, Saruwatari H. Sparse sound field decomposition with
multichannel extension of complex NMF. In: ICASSP, IEEE International Conference on Acoustics, Speech
and Signal Processing (ICASSP), pp. 395–399, Shanghai, 2016.

[14] Nakano AY, Nakagawa S, Yamamoto K. Automatic estimation of position and orientation of an acoustic
source by a microphone array network. J Acoust Soc Am. 126, 3084–3094 (2009).

[15] Nesta F, Svaizer P, Omologo M. Cumulative state coherence transform for a robust two-channel multiple
source localization. In: Lecture Notes in Computer Science (including subseries Lecture Notes in Artificial
Intelligence and Lecture Notes in Bioinformatics). 2009, pp. 290–297.

[16] Nikunen, J; Virtanen, T. Direction of arrival based spatial covariance model for blind sound source sepa-
ration, IEEE Trans Audio, Speech Lang Process, 2014, Vol 22(3), pp 727–739.

[17] Noohi T, Epain N, Jin CT. Super-resolution acoustic imaging using sparse recovery with spatial priming.
In: ICASSP, IEEE International Conference on Acoustics, Speech and Signal Processing (ICASSP), Apr.
2015, pp. 2414–2418.

[18] Sawada H, Araki S, Mukai R, Makino S. Grouping separated frequency components by estimating prop-
agation model parameters in frequency-domain blind source separation. IEEE Trans Audio, Speech Lang
Process, vol. 15, no. 5, pp. 1592–1604, July 2007.

[19] Sawada, H.; Kameoka, H.; Araki, S.; Ueda N. Multichannel Extensions of Non-Negative Matrix Factoriza-
tion With Complex-Valued Data, IEEE Trans Audio Speech Lang Processing, 2013, Vol 21(5), pp 971–982.

[20] Schmidt, R. Multiple emitter location and signal parameter estimation, IEEE Transactions on Antennas and
Propagation, Vol 34 (3), 1986, pp 276–280.

3328



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Towards low cost acoustic cameras for the Internet of Things  

 

Jose J. LOPEZ1; Maximilian BECKER2; Carlos HERNANDEZ3 
1,3 Universitat Politecnica de Valencia, Spain 

2 Hochschule für Technik und Wirtschaft Dresden, Germany 

ABSTRACT 
In the context of Internet of Thing (IoT) accurate and low-cost sound source localization methods are of great 
interest, alone or combined with video images. In this work, we present an implementation of the 
Steered-Response Power Phase Transform (SPR-PHAT) method employing a small circular array of 10 cm 
consisting of 8 MEMS microphones all commanded by a small single-board computer (Raspberry Pi). The 
localization is performed both in azimuth and elevation in one side of the array. A camera emplaced in the 
center of the array can be also employed for multimodal localization. The evolution of the localization 
accuracy as more microphone pairs autocorrelations are added in the estimation of likelihood is compared. 
An optimal number of autocorrelation pairs in the sense of accuracy/computational cost tradeoff is obtained. 
 
Keywords: Sound Localization, Array, Microphones, Internet of Things, Beamforming. 

1. INTRODUCTION 
One of the acronyms used frequently in the IT industry for the past couple of years is the term IoT, 

which stands for Internet of Things. IoT refers to all of the things that are connected to the Internet, and 
that’s how it got its name. However, IoT isn’t really a new concept, because since the existence of the 
internet, things have been connected to it. 

However, the cheapening of communications chipsets, both in the Bluetooth standard, the WiFi or 
the Zigbee and with their respective integrated microprocessors conforming what is called ‘system on 
a chip’ (SoC) has skyrocketed the process of new IoT devices in the market. 

Among the most popular IoT devices in recent times, voice assistants stand out, to the point that IT 
industry giants have each launched their own. These devices make use of speech recognition 
techniques together with the support of arrays of microphones to capture voice commands spoken by 
the user. After, an expert system based on AI perform the actions as a consequence of voice commands 
to satisfy the user needs. In this application, the microphone array signal processing plays a 
fundamental role in obtaining a robust voice recognition system in noisy and reverberant 
environments. 

1.1 Motivation 
Inside the field of signal processing for microphone arrays an interesting and current topic is the 

sound source localization in different environments. This technique to detect the location of an 
acoustic source, forms the fundament for a variety of applications. It could be applied in automatic 
camera steering, to focus on the direction where a sound is coming from. Also this algorithm could be 
combined with image recognition to create mixed object recognition (image and sound 
simultaneously). Furthermore, it is possible to add a Delay-and-Sum (DS) beamforming algorithm for 
noise reduction and voice enhancement. 

For example, in the field of education, recording live classes is becoming popular. In this scenario 
the lecturer is moving around the blackboard speaking continuously. Wearing the classical lavalier 
microphone frequently causes problems, as weak sound due to defective placement, noises from 
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2 max@axelpix.de 
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friction with clothes and occasional problems with empty batteries. Using an array of microphones in 
combination with the video camera that localizes the speakers and follows continuously can greatly 
improve the quality of the final recording. 

There are solutions in the marker that employ arrays with many microphones as the Eigenmike®, 
which consists of a spherical array of 32 microphones focused on pro-audio applications. This solution 
is powerful but costly, not been affordable for more common and general applications as the 
previously mentioned. 

Motivated by this need we have worked on the development of a sound source localization system, 
a kind of acoustic camera that can be implemented as a low cost solution with simple and easily 
available hardware. 

2. LOCALIZATION METHOD 
We have chosen the Steered-Response Power Phase Transform (SPR-PHAT) as localization method. 

2.1 Generalized Cross-Correlation 
The generalized cross-correlation (GCC) is a mathematical operation, which is used to compare the 

similarity of two wave functions x(t1) and y(t2) as a function of the time lag between these two signals. 
It can be calculated by first calculating the cross-spectrum SXY (f) between X(f) and Y(f), as in (1) 

 

 (1) 
 

where Y∗(f) denotes the complex conjugate of Y(f). 
 
Therefore, the time signals x and y have to be transferred into the frequency domain using the 

Fourier transform (FT), as shown in eq. (2). 
 

 
(2) 

 
At this point SXY(f) gets multiplied by a frequency-domain weighting function θ(f), 
 

 
(3) 

 
where Ψ(f) is the generalized cross-spectrum. 
 
There is a variety of different frequency-domain weighting functions. Therefore, multiple versions 

of the GCC exist. θ(f) = 1 is the case for the classical GCC. 
The GCC is completed by transforming Ψ(f) back into the time-domain with the inverse Fourier 

transform (IFT as shown in eq. (4). 

 
(4) 

Substituting eq. (1) into eq. (4), to obtain (5) 

 
(5) 

 
where rGCC(τ) is the generalized cross-correlation function GCCF and τ is the difference 
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between time of arrivals between x and y. The GCCF and τ can be used to get the TDOA of the two 
signals. Therefore, the maximum value of rGCC(τ) needs to be detected. The associated τˆGCC equals the 
TDOA, like it is shown in eq. (6). 

 

 
(6) 

2.2 Generalized Cross-Correlation with Phase Transform 
The generalized cross-correlation with phase transform (GCC-PHAT) can be used for application, 

where only the TDOA is needed. Equation (5) shows that the TDOA information is conveyed in the 
phase only and not in the amplitude of the GCCF. So it is possible to discard the information about the 
amplitude and only keep the phase. This is achieved by using the following frequency-domain 
weighting function in (3): 

 

(7) 

rPHAT(τ) and the TDOA τˆPHAT can be calculated analogously to rGCC(τ) and τˆGCC in eq.(5) and eq.(6). 
[1, 4] 

 
Figure 5 visualizes the GCCF of a GCC-PHAT by using two identical signals with some white noise, 

added to each of these. y(t) is delayed by 50s. This can be proven by taking a look at the maximum peak 
of the GCCF. The peak appears at τ = 50s. 

 

 
 

 
Figure 1 – Visualization of a GCC-PHAT by plotting x(t), y(t) and rPHAT(τ) 
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3. IMPLEMENTATION 

3.1 Hardware 
The Raspberry Pi was conceived as a very cheap and compact small single-board computer to 

promote teaching of basic computer science in schools and in developing countries. Due to its 
competitive price and the open and active community of developers created around it, has became 
more popular than anticipated employing outside its target market for many uses as robotics, audio and 
image processing, voice applications, home automation, industrial applications, etc. 

Therefore, we have chosen this small computer as the basis of our development in its 3rd revision 
(Raspberry Pi 3 Model B). However, this card does not have microphone inputs, so additional 
hardware has to be added. Instead of develop hardware from scratch, we have employed a daughter 
board witch can be directly mounted on the Raspberry Pi using the General Purpose Input Output pins 
(GPIO). The card is the “Matrix Creator” (fig. 2a), that apart from a variety of sensors like an inertial 
measurement unit (IMU), a gyroscope, an accelerometer, it provides a circular microphone array 
(UCA) containing 8 microphones. The microphones are placed at the edge of the board as shown at 
figure 2b, been the board diameter 10.5 cm. The microphones are of the MEMS 
(microelectromechanical systems) type and with an omnidirectional pattern. Table 1 shows the exact 
Cartesian coordinates of the microphones. [8] 

 

 
(a)  Front View     (b)   Position of the microphones 

 
Figure 2 – Matrix Creator Board 

 
 

Table 1 – Microphone positions 

Microphone index y [mm] z [mm] 

M1 20.0908795 -48.5036755 

M2 -20.0908795 -48.5036755 

M3 -48.5036755 -20.0908795  

M4 -48.5036755 20.0908795 

M5 -20.0908795 48.5036755 

M6 20.0908795 48.5036755 

M7 48.5036755 20.0908795  

M8 48.5036755 -20.0908795  
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For sound source localization, the delays between microphones are very important, therefore a high 
sampling frequency helps in producing detectable sample delays between microphones. The official 
documentation of the Matrix Creator indicates that the microphones can operate with sampling rates 
between 8 and 96kHz [8]. However, by analyzing a test file recorded with the Matrix Creator 
microphones at a sampling rate of 96kHz, it becomes clear that the board low passes the signal below 
16kHz, as can be observed in the spectrogram shown in figure 3. Therefore, it is likely that the digital 
microphones are working at a sampling rate 32kHz and the recordings are upsampled and interpolated 
to 48kHz or in this case 96kHz. Anyway, working at 96 kHz, despite the audio bandwidth is 16 kHz, 
can be convenient for GCC computation. 

 

 
 

Figure 3 – Spectrogram of a recoding test with the microphones 

3.2 Software 
Raspberry Pi runs different distributions of Linux, been the Raspbian distribution the most popular 

as it is optimized for this computer board. The fact of using Linux allows to access multiple computer 
languages and its respective compilers, as C, Python, etc. The addition of external boards will require 
the installation of its corresponding kernel drivers. In this project we selected Python for development 
because its simplicity compared to C and the increasing popularity. Moreover, it is possible to access 
the Matrix Creator features from Python. 

3.2.1 Advanced Linux Sound Architecture 

The Matrix Creator is recognized by the Advanced Linux Sound Architecture (ALSA) after 
installing the drivers provided by "Matrix Labs". ALSA is provided when installing Raspbian. Getting 
the microphone array recognized by ALSA is essential to be able to set the microphones as the input 
device for recording. Furthermore, ALSA offers some useful tools like the command arecord or the 
alsamixer, which can be used to test and calibrate the recording device. 

 
> arecord -d 5 -D hw:3 -r 16000 -c 8 test_recording.wav 
 
By executing this command in the terminal, the capturing device with index 3 (-D hw:3) will record 

for 5 seconds (-d 5) with FS of 16kHz (-r 16000) and save the recording in a ".wav"-file. With the 
alsamixer, control units which are not visible in Python (e.g. PyAudio), can be modified. For example, 
it is possible to apply a certain gain or reduce the gain of all of the sound capturing devices [11]. 
Unfortunately the Matrix Creators array was recognized as one capturing device without the 
possibility to control the sensitivity of each microphone. The only option was to apply a gain to the 
whole array. Differences in the intensity of each channel could be detected, but normally, does not 
affect to TDOA computation. 

3.2.1 Python Libraries 

Two Python libraries are important for this project: PyAudio and NumPy. PyAudio is an audio I/O 
library for Python [6]. Ii is employed on Linux to record continuously with all of the eight 
microphones. It works recording a chunk of audio and storing it in a buffer, in this case 8192 samples 
for each channel As soon as the buffer is full, the data is saved in a matrix, then the buffer gets cleared 
and starts to store the next chunk of data, which is recorded. Meanwhile processing of the previous 
chunk needs to be completed until the buffer is full again. 

NumPy is the second Python library which is essential for this project. It allows the user to save 
data in vectors, matrices or in general N-dimensional arrays. For such an array, NumPy offers a variety 
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of scientific computation options like Fourier transform, linear algebra and random number generation 
[9]. In this project NumPy was used for most of the signal processing as well as storing the data of each 
buffer recorded by PyAudio temporarily in a 8x8192 – matrix as shown in eq. (8). 

 

 

(8) 

3.3 Computation of the GCC-PHAT   
Figure 4 shows the block diagram for GCC-PHAT computation. The discrete Fourier transform 

(DFT) and the inverse discrete Fourier transform (IDFT) are needed. This can be implemented 
efficiently by using the NumPys library fast Fourier transform (FFT). From the result, delays can be 
computed. 

 

 
Figure 4 – Block diagram of GCCF computation on the Raspberry Pi 

4. EXPERIMENT 

4.1 Set-Up 
The Matrix Creator was placed in a tripod in vertical position been the 8 microphones in a vertical 

plane. This configuration is appropriate for acoustic camera applications. A CCD micro-camera can be 
placed in the square hole in the middle of the board adopting a configuration of image and acoustic 
camera, where both camera and array point to a scene. 

In order to validate localization, an imaginary grid of 9 x 7 points was established in front of the 
microphone array as shown in figure 5. The grid has a size of 2 x 1.5 meters, been the the points spaced 
25 cm. The grid was separated 3 m from the microphone array, so far field can be considered. 

A loudspeaker was placed at every point in the grid emitting a sound (speech) and the signal was 
recorded by the microphones in the array. The experiment was carried out in a studio room with weak 
reflections and a low reverberation time. 

4.2 Results 
For every point in the grid the likelihoods where calculated in order to verify if the maximum 

correspond to the emitting point. In the 49 positions the algorithm worked properly indicating the 
correct point, so the validation was completed. Figure 6 shows an example for one cell in the grid. 

Once the validation is performed, the system was tested outside the studio in common rooms. The 
algorithm was implemented in real-time, so the system can be tested with live signals. For real–time 
implementation not all the possible autocorrelation pairs where calculated, so a tradeoff of 3 pairs per 
microphone where performed without much degradation compared to all. 

 It was very surprising how robust the algorithm worked even when tested outside anechoic 
conditions. The reflections of the room and disturbing noise were rarely recognized by the algorithm. 
As long as there was a main sound source, which should be detected, it worked. Especially for speech 
signals it worked well, even though the person had to speak a bit louder than in a normal conversation, 
since the microphones where not very sensitive. Figure 7 shows a heat-map for one person speaking. 
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Figure 5 – Arrangement of experiment with the grid of source positions 

 
 

Figure 6 – Example of likelihoods for one cell in the grid 
 
 

 
Figure 7 – Heat-map for a real-time scenario in a real room. 
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5. CONCLUSIONS 
In this work, we presented an implementation of the Steered-Response Power Phase Transform 

(SPR-PHAT) method employing a small circular array of 10 cm consisting of 8 MEMS microphones 
all commanded by a small single-board computer (Raspberry Pi). The system allows to estimate the 
direction the incoming sound working in real-time. Moreover, it has been validated in the laboratory 
from known positions. The software was implemented in Python and optimized for working in 
real-time in the Raspberry Pi. 

The results are quite good, especially if the relatively small distance between the microphones is 
considered. This results in a lower resolution of the TDOA, since there are less samples, which can be 
detected as time difference. Also the fact that the intensity differences could not be used to increase the 
accuracy of the estimation, because of the differences in sensitivity of the microphones is a drawback 
of the Matrix Creator. 

If a highly accurate DOA estimation is needed and the size of the array does not matter, then the 
Matrix Creator might not be the best choice. It would be a massive improvement, if the diameter of the 
board would be larger. Also the performance of the estimator would increase by using eight uniformly 
calibrated microphones, which are more sensitive than the ones in the array of this project. However, 
the Matrix Creators Software is still in development, so maybe the option to apply a gain to each single 
microphone will be possible in the future. 

Anyway, for a small device, which should just track the rough DOA, the Matrix Creator works rfine. 
A voice assistant or an automatic camera steering could be realized with the Matrix Board. 
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Abstract
Audiovisual speaker tracking is a prominent example of a multimodal signal processing framework with a large
variety of technical applications. Whereas acoustic speaker tracking methods suffer from decreased performance
under adverse acoustic conditions, visual sensors are not affected by purely acoustic disturbances. However, the
optimal combination of acoustic and visual information remains a challenging task due to the highly dynamic
nature of audiovisual scenes. Recently, a framework for audiovisual speaker localization and tracking has been
proposed, which extended the notion of dynamical systems with dynamic stream weights. It essentially im-
plements an adaptive weighting for acoustic and visual observations that can be changed at each time step and
allows probabilistic inference based on the Gaussian filtering paradigm. This study presents a detailed analysis
of the inference procedure and proposes an extension for nonlinear dynamical systems inspired by the unscented
Kalman filter. Under the constraint that the process and observation noise terms follow a zero-mean Gaussian
distribution, the inference framework presented in this study allows an efficient estimation of the speaker tra-
jectory from audiovisual observations. A systematic experimental evaluation assesses the performance of the
proposed method using recorded audiovisual scenes.
Keywords: Audiovisual speaker tracking, recursive Bayesian estimation, dynamic stream weights
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Abstract
We address the problem of localizing a speaker and enhancing his voice using audiovisual sensors installed
on a multirotor micro aerial vehicle (MAV). Acoustic-only localization and signal enhancement through beam-
forming techniques is especially challenging in this conditions, due to the nature and intensity of disturbances
originated by the electrical engines and the propellers. We propose a solution in which an efficient beamforming-
based algorithm for both localization and enhancement of the source is paired to a video-based human face
detection. The video processing front-end detects the human silhouettes and provides an estimation of direction
of arrivals (DOAs) on the array. When the acoustic localization front-end detects a speech activity originating
from one of the possible directions estimated by the visual components, the acoustic source localization is re-
fined and the recorded signal is enhanced through acoustic beamforming. The proposed algorithm was tested
on a MAV equipped with a compact uniform linear array (ULA) of four microphones. A set of scenes featur-
ing two human subjects lying in the field of view and speaking one at a time is analyzed through this method.
The experimental results conducted in stable hovering conditions are illustrated, and the localization and signal
enhancing performances are analyzed.
Keywords: Audiovisual Speaker Localization, Speaker Enhancement, Diagonal Unloading Beamforming,
Multirotor Micro Aerial Vehicle (MAV).

1 INTRODUCTION
The localization and signal enhancement of acoustic sources are important tasks in microphone array process-
ing since many decades and they are of interest in applications such as teleconferencing, surveillance, animal
ecology, human-computer interaction, and hearing aid [1, 2, 3, 4, 5]. They have also interesting application
perspectives in a number of scenarios involving mobile robotic devices [6, 7, 8].
Attempts to tackle the acoustic related problems typical of multirotor aerial systems have been documented only
recently [9, 10, 11, 12, 13, 14, 15, 16, 17]. When the acoustic recording is performed using microphone arrays
installed on multirotor unmanned aerial vehicles (UAVs), the localization and signal enhancement of acoustic
sources of interest becomes especially challenging, due to the number and variety of acoustic disturbances
generated by this class of devices. Moreover, in the case of micro aerial vehicles (MAVs) of small size, the
consequent constraints on the size of the microphone array may lead to poor signal-to-noise enhancement and
poor spatial resolution issues. Beamforming and blind source separation are typical signal processing techniques
used to this aim. In [13], the problem of enhancing a target speech source located in front of the UAV is
solved using a minimum variance distortionless response (MVDR) beamformer coupled to a Wiener postfiltering
scheme. The beamforming approach is the method of choice in a number of other investigations, e.g. [15].
When acoustic source localization is the only concern, localization methods with high-robustness with respect
to low signal-to-noise ratios (SNRs) have also been investigated. In [17, 16] methods derived from the multiple
signal classification (MUSIC) [18] were assessed, and the reported results show good localization performances.
However, the method described also requires the monitoring of UAV inertial sensors and motor controls, and the
learning or monitoring of propellers noise signal. Supervised noise suppression techniques relying on the online
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Figure 1. Schematic view of the processing workflow.

monitoring of the propellers noise, or on the off-line learning of its spectral and statistical characteristics, were
also proposed in [19]. When, on the other hand, signal enhancement is the principal concern, time-frequency
spatial filtering or blind source separation techniques have been used to selectively attenuate the propeller noise
component while preserving the target acoustic source component. In [9], the time-frequency sparsity of specific
target signals is exploited through the use of a time-frequency spatial filtering technique.
In this study, we address the problem of localizing a speaker and enhancing his voice using audiovisual sen-
sors installed on a multirotor MAV. We propose a solution in which an efficient diagonal unloading (DU)
beamforming-based algorithm [21] for both localization and enhancement of the source is paired to a video-
based detection. The video processing front-end performs the human face detection and provides an estimation
of direction of arrivals (DOAs) on the array. When the acoustic localization front-end detects a speech activity
originating from one of the possible directions estimated by the visual components, the acoustic source local-
ization is refined and the recorded signal is enhanced through acoustic beamforming. The audiovisual algorithm
provides integrated source localization and signal enhancement capabilities, and provides superior spatial res-
olution properties when compared to conventional audio beamforming methods. The experimental results are
conducted in stable hovering conditions and with different controlled signal-to-propeller-noise ratios (SPNRs).

2 DOA ESTIMATION AND SPEECH ENHANCEMENT
We address the problem of detecting the speech activity of a number of speakers positioned in front of a
hovering drone, to decide who is the active speaker among them, estimate the DOA of the speech signal, and
finally enhance the recorded speech through an acoustic beamforming directed toward the speech source.
We propose a solution in which an efficient beamforming-based algorithm for both the localization and en-
hancement of the source is paired to a video-based pattern recognition component. The processing scheme is
illustrated in Figure 1. The video processing front-end performs human face detection and provides an estima-
tion of DOAs of all possible speech sources. An array-based acoustic front-end is also active, which is capable
of speech activity detection, localization and signal enhancement. When the acoustic localization front-end de-
tects a speech activity originating from one of the possible directions estimated by the visual components, the
acoustic source localization is refined and the recorded signal is enhanced through an acoustic beamformer.
The human face detection is based on a conventional Viola–Jones object detection algorithm [20], able to ef-
fectively detect one or more human face instances in real-time. Given the coordinates of the face bounding
rectangles detected in the image frame and the angle of view of the video camera in use, an estimation of the
DOA θ̂n, n = 1,2, . . . ,N, (N is the number of speakers), corresponding to each possible source is computed.
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The acoustic detection, localization and enhancement relies on the diagonal unloading (DU) beamforming-based
algorithm [21, 22]. The DU beamformer is a data-dependent spatial filtering model that aims at exploiting the
orthogonality property between signal and noise subspaces by subtracting an opportune diagonal matrix from
the covariance matrix. The design and implementation of the DU beamformer is thus simple and effective,
since it is obtained by computing the matrix (un)loading factor, providing high resolution directional response
and noise robustness comparable to those of the MUSIC method and the MVDR beamformer while requiring
less computational resources.
Consider a uniform linear array (ULA), the frequency-domain model of a typical acoustic narrowband beam-
former, i.e. a spatial filter whose goal is to achieve directional signal reception, can be stated as

Y (k, f ,θ) = wH(k, f ,θ)x(k, f ), (1)

where k is the block time index, f is the frequency bin, x(k, f ) is the vector of signals captured by the array,
w(k, f ,θ) is the beamformer coefficients for time-shifting, weighting, and summing the data so to steer the
array in the direction θ , Y (k, f ,θ) is the output of the narrowband beamformer, and H denotes the Hermitian
(complex conjugate) transpose. The power spectral density of the spatially filtered signal is thus

P(k, f ,θ) = E{|Y (k, f ,θ)|2}= wH(k, f ,θ)R(k, f )w(k, f ,θ), (2)

where R(k, f ) = E{x(k, f )xH(k, f )} is the covariance matrix of the array signal (E{·} denotes mathematical
expectation). The transformation on which the DU method is based, is obtained by subtracting an opportune
diagonal matrix from the covariance matrix R(k, f ) of the array output vector. The DU transformed matrix can
be written as

RDU(k, f ) = R(k, f )−µI, (3)

where µ is a real-valued, positive scalar, selected in such a way that the resulting covariance matrix is negative
semidefinite in order to exploit the subspace orthogonality property. For more details, the reader can refer to
[21, 22]. The DU procedure provides a solution for the signal enhancement beamforming coefficients w:

wDU(k, f ,θ) =
R̂DU(k, f )a( f ,θ)

aH( f ,θ)R̂DU(k, f )a( f ,θ)
, (4)

where a( f ,θ) is the array steering vector and

R̂DU(k, f ) = R̂(k, f )− tr(R̂(k, f ))I, (5)

where tr(·) is the operator that computes the trace of a matrix and R̂(k, f ) = x(k, f )xH(k, f ) is the estimated
covariance matrix that is computed with a single block due to the frame-by-frame computation of the signal
enhancement beamforming. Given the beamforming coefficients, it is thus possible to compute the spatially
filtered signal with respect to the estimated DOA, which will provide an enhanced version of the target source
signal.
Let θ̂n (n = 1,2, . . . ,N) denote the DOA of the n-th speaker estimated by the human face detection module. The
voice activity detection (VAD) is calculated with an energy-based threshold:

VAD(k) =

1, if max
θ̂n

[∑B−1
kb=0 ∑

fmax
f= fmin

|Y (k− kb, f , θ̂n)|2]> η ,

0, otherwise,
(6)

where fmin and fmax denote the frequency range for the beamforming computation, B is the number of frames
considered for the speech detection, Y (k− kb, f , θ̂n) = wH

DU(k− kb, f , θ̂n)x(k, f ) is the signal enhancement DU
beamforming for the direction θ̂n, and η is a given threshold. The parameter η was empirically set to the value
allowing to effectively detect the source activity.
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If the speaker detection returns an activity source VAD(k) = 1, the steered response power (SRP) DU beam-
former is computed to determinate the DOA of the active speaker. Specifically, we use a robust DU version
[22] that is based on the estimation, computed by the power method, of the largest eigenvalue of the covariance
matrix. The robust DU beamformer can be implemented by subtracting the largest eigenvalue from the diagonal
elements of the estimated covariance matrix. This diagonal removal procedure allows the best suppression of
signal subspaces. The robust DU beamforming for the localization is computed on the set of video-based DOAs
θ̂n

PDU(k, f , θ̂n) =
−1

aH( f , θ̂n)(R̂l(k, f )− λ̂1(k, f )I)a( f , θ̂n)
, (7)

where the covariance matrix for the localization R̂l(k, f ) is estimated through the averaging of the array signal
blocks B

R̂l(k, f ) =
1
B

B−1

∑
kb=0

x(k− kb, f )xH(k− kb, f ), (8)

and λ̂1(k, f ) is the largest eigenvalue of R̂l(k, f ) that is estimated with the power method without adding signif-
icantly computational cost [22]. The PDU(k, f , θ̂n) is related to the power contribution of a single frequency bin,
and a function providing the broadband SRP-DU information of the whole frequency spectrum can be obtained
by merging the contribution by some fusion criterion, such as the normalized frequency fusion proposed in [23].
The video-based broadband SRP-DU is thus defined as

P(k, θ̂n) =
α

∑
θα=−α

fmax

∑
f= fmin

PDU(k, f , θ̂n +θα)

||p(k, f )||∞
, (9)

where || · ||∞ denotes the uniform norm of the vector p(k, f ) = [∑α
θα=−α

PDU(k, f , θ̂1 +θα),∑
α
θα=−α

PDU(k, f , θ̂2 +

θα), . . . ,∑
α
θα=−α

PDU(k, f , θ̂N)+θα)], and α is a DOA range parameter that takes into account the error resolu-
tion of the ULA. The DOA estimation of the speaker is provided by the maximum energy peak search

θ̂s(k) = argmax
θ̂n

[P(k, θ̂n)]. (10)

Finally, the enhanced speech signal is obtained by selecting the DU beamforming for the active speaker direction

Y (k− kb, f , θ̂s(k)) = wH
DU(k− kb, f , θ̂s(k))x(k− kb, f ), kb = 0,1, . . . ,B. (11)

Note that if VAD(k) = 0, then Y (k−kb, f , θ̂s(k)) = 0. By transforming Y (k−kb, f , θ̂s(k)) in the time-domain the
enhanced speech signal is obtained.
To summarize, the overall procedure consists of:

• Video-based DOA estimation using the human face detection with the Viola–Jones algorithm [20];

• VAD estimation using the threshold-based signal power DU beamforming (6);

• Active speaker DOA estimation using the SRP-DU algorithm (10);

• Speech enhancement on the active DOA estimation using the DU beamforming (11).

3 EXPERIMENTAL SETUP AND RESULTS
The proposed algorithm was tested on a MAV equipped with a compact ULA of four microphones and a front
video camera. The MAV used was a Parrot Bebop 1 quadcopter, with a 250 mm frame type, 400 g weight,
and overall dimensions of 280 × 320 mm. The microphone array and video camera from a PlayStation Eye
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Figure 2. Left: the sensors board (four-microphone array and video camera); Right: the sensor board mounted on the quadcopter.
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Figure 3. The active speaker localization performance at variation of SPNR.

USB device were used as the audiovisual front-end. This device provides a four-microphone uniformly spaced
linear array with total size of 6 cm (the inter-microphone spacing being of 2 cm). The microphone array was
fixed on the top of the MAV, centered with respect to the four propellers. A foam rectangular shield was put
below the microphones to attenuate the direct path of the noise from the propellers. With this arrangement, the
resulting DOAs of the four propellers are -30 degrees and 30 degrees. The angle of view of the video camera
was approximately of 60 degrees. The audiovisual recording was performed by a dedicated computer positioned
next to the MAV. A picture of the MAV setup is provided in Figure 2. The video resolution was 640 × 480,
at a frame rate of 50 fps. The audio sampling frequency was 16 kHz, and the block size was 2048 samples
with an overlap of 512 samples. A Hann window was used. The spatial resolution was set to 1 degree in the
range [-30, 30] degrees which corresponds to the field of view of the video camera. The number of frames for
the speaker detection and localization was B = 25. The parameter η (6) for the VAD was 10−8. The parameter
α (9) for the acoustic localization was set to 3. The frequency range was [100, 6000] Hz.
A set of audiovisual recordings of two subjects, standing in the field of view and speaking one at a time at
different positions with respect to the MAV, was collected. The recordings were performed with the MAV
in hovering conditions, thus the speech was corrupted by the propeller noise in realistic acoustic conditions.
The two speakers were positioned symmetrically with respect to the frontal axis of the camera, uttering the
same sentence one at the time. The subjects were instructed to speak one at a time and to hold their position
until both uttered the same predetermined sentence. Then, they were asked to move to the next position. The
recording positions where 15 in total, according to the following distances and angles: 2, 3, and 4 m at [-5, 5],
[-10, 10], [-15, 15], [-20, 20], and [-25, 25] degrees.
Figure 3 shows the localization performance at variation of SPNR expressed as mean absolute error (MAE)
of the proposed audiovisual system compared to an audio-only SRP-DU beamformer [22]. We can observe
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Figure 4. An example of detection, localization, and enhancement performance of two subjects, speaking one at
a time at different positions (2 m from the array at [-15, 15] degrees) with an SPNR of 0 dB.

Table 1. The output SPNR of the signal enhancement with the conventional DS and the DU beamformer.

SPNR (dB) 10 5 0 -5 -10
DS 15.04 10.05 4.97 -0.36 -6.65
DU 28.55 23.63 18.79 14.32 10.70

the better MAE of the proposed system, and the poor accuracy of the audio-only system. Figure 4 depicts
an example of detection, localization, and enhancement performance for the case of two subjects at 2 m from
the array and at [-15, 15] degrees with an SPNR of 0 dB. The video-only DOA estimation has an average
MAE of 1 degree. We can note the correct detection and localization of the proposed system, expected for
the case of the last part of the first sentence of speaker 1 in which the DOA is not correctly associated to the
true speaker. We can also see the signal enhancement with the attenuation of the drone propeller noise. The
speaker detection activity performance is reported in Figure 5 in terms of percentage of detection rate (DR).
The DR decreases at low SPNR, and it is accurate up to an SPNR of 0 dB. Finally, Table 1 shows the speaker
enhancement performance of the DU beamformer compared to the conventional delay-and-sum (DS) beamformer
[24]. The performance is reported comparing the output SPNR of the signal enhancement at different input
SPNR conditions. The DU beamformer significantly outperforms the conventional one.

4 CONCLUSIONS
We have presented a system able of localizing a speaker and enhancing his voice using audiovisual sensors
installed on a multirotor MAV. We have proposed a solution in which an efficient DU beamforming-based algo-
rithm for detection, localization and enhancement of a speaker is paired to a video-based detection. The video
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Figure 5. The VAD performance of the proposed audiovisual system at variation of SPNR.

processing front-end performs a human face detection and provides an estimation of DOAs that are used to
refine the speaker activity acoustic detection and localization, and the final speech enhancement. The proposed
algorithm was tested on a MAV equipped with a compact ULA of four microphones. The experimental results
conducted in stable hovering conditions have shown that the proposed audiovisual system significantly improves
the DOA estimation if compared to an audio-only approach. We have shown that the signal enhancement DU
beamforming provides a better output SPNR if compared to the conventional DS beamformer.
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Study on large scale projectile impact point positioning method 
based on trajectory shock wave 
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Liangyong ZHANG1; Fang ZHANG1; Deyu SUN1; Yang LIU1 
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ABSTRACT 
With multiple nodes of single acoustic sensor layed around the target, the ballistic shock wave signal of the 
projectile generated before hitting the ground can be detected at different locations. The trajectory can be 
estimated by measuring the time difference between the signal of different nodes, and the impact point can be 
coordinated by crossing the trajectory with the target. In this article, the projectile impact point positioning 
model is parameterised and fomulated by nonlinear equations with six patameters, and it can be solved by 
means of nonlinear least square (NLS) method. By means of Cramer-Rao lower bound (CRLB) analysis, 
measurement error distribution by different incident angle and different impact location is calculated, and 
also, parameter of exterior ballistics model and wind vector is under consideration. 
Keywords: Impact Point Positioning, Projectory Trajectory, CRLB 

1. INTRODUCTION 
When the projectile flies in the air at supersonic speed, its front end sharply compresses the air in 

front, forming shock wave(1, 2). As it diffuses, the shock wave gradually degenerates into weak 
compression wave, and the propagation speed drops from supersonic to sound, finally forming the 
cone wavefront(3).  

At the sensor, the shock wave is measured in the form of N-wave(4). The trajectory of the 
projectile can be estimated according to the arrival time of the N-wave measured at different 
positions. The intersection point between the trajectory and the ground or obstacles is the projectile 
impact point(5). In early work, the ballastic equation of motion was studied(6). Ballistic const Cb 
was introduced to describe the air resistance effect(7). If the gravitational acceleration g is ignored, 
the ballistic trajectory will be linear. Researches show that with ballistic constant Cb known and drag 
coefficient exponent η=0.5, the trajectory parameter and impact point can be well estimated(7).   

In this paper, the impact point is estimated in the case that sensor coordinates and sound speed are 
not exactly measured or presumed. Also, the influence of wind on sound speed vector is coarsely 
modeled. This paper focuses on the study on error analysis method based on Cramer-Rao lower 
bound (CRLB)(8). Through numerical simulation and CRLB method, the error distribution rule of 
impact point for large scale target is obtained, and then other scale targets are also taken into 
account.  

2. PROBLEM MODELING 

2.1 Basic assumptions 
In order to simplify the model of supersonic flight projectile ballistic shock wave, some 

assumptions are made. 1)  The near-field nonlinear region of projectile is ignored and the velocity 
of shock wave is considered as sound speed. 2) The curvilinear induced by gravity acceleration g is 
ignored since its acting time is too short. 3) After the projectile hits the ground, its motion equation 
changes and some sensors’ signal data is affected. But here, this process is omitted since it can be 
solved in other ways such as excluding the abnormal sensors. 

2.2 Geometric Model 
Geometric model settings are similar to that in literature(9), as shown in Figure 1(a). N sensors Sn 
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are located in the target perimeter with position vector Rn=[Xn,Yn,0]T.The projectile hit the ground at 
a certain elevation angle θ and azimuth angle ϕ, on point Q with vector RQ=[XQ,YQ,0]T. The unit 
direction vector of trajectory is ev=-[cosθcosϕ, cosθsinϕ, sinθ]T. In the plane πn which determined by 
linear trajectory and sensor Sn, a triangle is formed by the hitting point Q, the sensor point Sn and the 
detach point Pn. The parameter set , , , ,Q Q rX Y Vλ , is what we focus on, especially impact 

point coordiantes XQ and YQ in it. 

ϕ  
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(a)        (b) 

Figure 1 – (a) Geometric distribution of the sensors. The linear trajectary intersects the ground at Q 

(b)Ballistic shock wave reach sensor Sn 
 

2.3 Mathematical model 
In the ballistic model, g is ignored, the ballistic constant Cb is known and drag coefficient 

exponent η=0.5. The instantaneous velocity '( ')v x  at 'x  and the flight time '( ')t x  from a 
reference point to Pn are calculated as in literature(9). 

The time stamp of shock wave arriving at Sn is given by Equation (1) and sn is calculated with 
sine theory in triangle PnQSn. 

'( ' ) /n n nt x s c  (1) 
The Differencial Time of Arrival (DTOA)(9) between Sensors Sm and Sn (1 , )m n N : 

'( ' ) '( ' ) ( ) /nm n m n m n mt x t x s s c  (2) 

2.4 NLS Method 
The estimated value of DTOA can be expressed as: 

ˆˆ ˆˆ ˆ( ) ( ; , , )bc Cb τ b λ R n  (3) 

Where T
21 31 1

ˆ ˆ ˆ ˆ[ , , , ]Nb T
1ˆ, ]1ˆN , T

21 31 1[ , , , ]Nb T
1, ]TT1N  and T

1 2 1[ , , ]Nn n nn T
1]1N are respectively the 

observation vector, the model value vector and the total observation error vector of DTOA. The caret 
“^” on a certain variable represents an observation, presumption or estimation of the actual value or 
presetting value. T

1 2ˆ ˆ ˆ ˆ[ , , , ]Nτ Tˆ, ]ˆN, , T
1 1 2 2

ˆ ˆ ˆ ˆ ˆ ˆ ˆ[ , , , , , ]N NX Y X Y X YR ˆ ˆ, N N,, ,,,, , ĉ , ˆ
bC  are respectively the 

observation or the presumption value (vector) of arrival time stamp vector T
1 2[ , , , ]Nτ T, ]N, , sensor 

coordination vector T
1 1 2 2[ , , , , , ]N NX Y X Y X YR , ]N N,,,, , sound speed c  and ballistic constant bC , with 

observation or presumption error 1 2[ , , ]Nn n nτn ]N , 1 1 2 2[ , , , , , ]X Y X Y XN YNn n n n n nRn XN YN, ,,, ,, , cn , 
bCn . 

Besides, the observation error vector of DTOA caused by the sampling procedure can be described as 
T

2 1 2 1 N 1[ , , ]n n n n n nb τ τ τ τ τ τn NNNNNτ τ . , , , ,Q Q rX Y Vλ  is the set of unknown parameter to 

resolve. Use a (N-1) demensional column vector F to describe the total error between observation 
vector and model vector. 

ˆ ˆˆ ˆ ˆˆ ˆ ˆ ˆ( ; , , , ) ( ) ( ; , , )b bc C c CF λ τ R b τ b λ R  (4) 
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Non-linear Least Square (NLS) method(9) can be used to estimate λ  with Equation (11): 
T 1

'
ˆ ˆ ˆˆ ˆˆ ˆ ˆ ˆarg min ( '; , , , ) ( '; , , , )b bc C c C

λ
λ F λ τ R N F λ τ R  (5) 

Since the observation error covariance matrix of DTOA is usually unknown, an assumed error 
convariance matrix 2ˆ ( )N I E  is alternative. In this formula, 2  is the arrival time stamp 
error caused by the sampling procedure, I  is the (N-1)×(N-1) identity matrix and E  is the unit 
matrix. Equation (11) can be solved by numerical iterative algorithm. 

3. ERROR ANALYSIS AND CRLB METHOD 

3.1 Error Source Analysis 
Traditional methods generally assume that the error of DTOA of two sensors is only caused by 

the signal acquisition process. But in reality, it’s also indirectly influenced by various factors during 
the flight. 

The position error of sensors will affect the total distance of shock wave propagation in the 
air(10).  

The different choice of trajectory model has a great influence on the impact point positioning 
problem. The ballistic constant Cb is one of the parameters of the model. In this paper, Cb is supposed 
to be already known. 

The shock wave speed is mainly affected by wind, if tempearture factor is ignored. The influence 
of the wind should be the key to consider when the test is done outside (11), while most articles 
choose to ignore its impact because it’s too complex. 

3.2 Coarse One Dimensional Wind Modeling 
It’s difficult to use a general method for wind modeling. Ignoring its influence on the trajectory of 

projectile, wind mainly affects the velocity and direction of shock wave propagation relative to the 
earth. The wind is momentarily uniform for small area, but has strong inhomogeneity, instantaneity 
and randomness for large area. As shown in Figure 2, the effect of wind speed of the same amplitude 
on sound vector is equivalent to adding a circle whose center point is at the end of sound vector and 
radius is equal to wind speed amplitude. 

'c c w  (6) 

θ

c

v

r=|w|

Δθ
c'

 
Figure 2 – Influence of wind on sound speed 

The shock wave speed vector, namely the revised sound speed vector 'c  is influenced by wind 
speed vector w . Since the amplitude of wind w is far less than sound speed c, the change of shock 
wave angle Δθ is also far less than original angle θ. The maximum and minimum influence of wind 
is obtained when revised angle ' arcsin( '/ )c v  meets the extreme value. Since w cc , 'c  and c  
is approximately parallel and Equation (13) can be concluded. 

max min'                   'c c w c c w  (7) 
Between the maximum and minimun influence of wind, appropriate intersection of wind 

distribution can be used to simply construct the wind model , in this way wind can be modeled in the 
same (or opposite) direction of sound speed. A gaussion distribution of wind w is finally used in 
convenience. 

In this paper, the error of c from temperature is omitted, then we see that ˆ 'c c  and cn w , i.e. 
the distribution of sound speed error is the same as the distribution of wind w. Although this 
one-dimensional model leads to linear error distribution of impact point(as shown below in this 
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paper), which may not fit actual situation, the amplitude of error yet has reference value.  

3.3 CRLB Error Analysis 
Assume that the observation error vector n follows the zero-mean Gaussian distribution, with 

convariance matrix N. When the observation (or presumption) of arrival time stamp τ̂ , sensor 
coordinate R̂ , sound speed ĉ  and ballistic constant ˆ

bC  is known, the CRLB on conviance matrix 
is as shown(12, 13): 

T 1 T T 1ˆˆˆ ˆ( ; , , , ) [ ( ) ]bc CQ λ τ R F N F  (8) 

Where T[ / , / , / , / , / ]Q Q rX Y V  is the gradient operator, and TF  can be 

estimated by the observation or presumption value ˆˆˆ ˆ{ , , , }bc Cτ R  and presetted value λ . 
The total observation error vector n is determined by many aspects. Ignoring second and higher 

order small terms, use first order Taylor expansion to describe the propagation law of error, we get: 

{ , , , }

{ } { }

{ }

ˆ ˆˆˆ ˆ( ; , , , ) ( ; , , , ) ( )

ˆˆˆ ˆ( ) ( ) ( ) ( )

ˆˆ ˆ ˆ( ) ( ) ( ) ( )

b

b b
c C

b b
X b

b b
X b

c C c C

X X c c C C
X c C

X X c c C C
X c C

τ R

τ R

R

FF λ τ R F λ τ R

F F F F

F F Fb b

 (9) 

    { }
bX c C

X b
n n n

X c Cb
R

F F Fn n  (10) 

{ , , , }bc Cτ R  is the set of all elements in , , , bc Cτ R , { }τ , { }R have the similar meaning. The 

function value of F of different paramaters ˆˆˆ ˆ, , , bc Cτ R  and , , , bc Cτ R  represents the total 

observation error calculated by parameters with certain error distribution or not. ˆ( )F
{ , , , }bc Cτ R  represents the function value of all exact parameters except θ. ( ; , , , )bc CF λ τ R 0

from definition, and F is the abbreviation of ( ; , , , )bc CF λ τ R . Suppose all { , , , }
bc Cn n nτ Rn n  are 

independent identically distributed and follow zero-mean Gaussian distribution, we have: 
T

T
,2 ,1 ,2 ,1 ,N ,1 ,2 ,1 ,2 ,1 ,N ,1

2

E( )

E([ , , ] [ , , ])

( )

n n n n n n n n n n n n
b b b

τ τ τ τ τ τ τ τ τ τ τ τ

τ

N n n

I E

T
,N ,1 ,2 ,1 ,2 ,1 ,N ,1] [ , , ])T
,N ,1 ,2 ,1 ,2 ,1 ,N ,1,2 ,1 ,2 ,1] [] [N 1 2 1 2 1 N2 1 2 1N 1 2 1 2 1] [] [] [N 1 2 1 2 1 NN 1 2 1 2 1  (11) 

T

T

{ } { }

T T T
2 2 2 2

{ }

E( )

E[ ( ) ( ) ]

( ) ( ) ( ) ( )

b b

b

X c C X c C
X Yb b

c C
X b b

n n n n n n
X c C Y c C

X X c c C C

b
R R

τ R
R

N n n

N F F

F F F F F FI E

 
(12) 

bN  is the DTOA error covariance matrix caused by sampling procedure, and N is the total DOTA 
observation error covariance matrix. , , ,

bc Cτ R  are the corresponding standard deviation. From 
Equation (10) we can conclude that N follows indeed the zero-mean Gaussion distribution if all 
relevant error distributions follow zero-mean Gaussion distribution. n and N are both made up of 
four terms and influenced by them. 

In special cases, if the last three term are zero or can be negelected, then  
2ˆ ˆ( ) ( ; , , ), ( )bc Cb b τn n b τ b λ R N N I E  (13) 

This is in accordance with traditional methods(7, 9, 11). 
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4. SIMULATION RESULTS 

4.1 Simulation Setting 
Suppose the square target is on the ground plane with side length of 4a (a is the sensor spacing 

and represents the scale of target), and N=16 sound detection nodes of single sensor are uniformly 
distributed around it, as shown in Figure 1(a). The position vectors of N sensors are R1=[0,0,0], 
R2=[0,a,0], etc. The standand deviation of X, Y and Z-coordinates is 3cm. Suppose the ballistic 
constant Cb=150 is exactly known in advance. Considering winds within gentle breeze (0~5.4m/s), 
the standard derivation of shock wave speed, namely the standard derivation of wind is set to 2.7m/s. 
Suppose the arrival time stamp error caused by signal acqusition procedure is 10μs. 

Computer simulations were carried out with MATLAB. To simulate a particular scenario, true 
value , , , ,Q Q rX Y Vλ with erroneous ˆ ˆ,cR  and presetted value Cb was used to generate DTOA 

observation value b̂  and then would be forgotten, see literature(9) for detailed calculation method. 
Then with ˆ ˆ, , bc CR  and b̂  known , ˆ ˆ ˆˆ ˆ ˆ, , , ,Q Q rX Y Vλ  could be resolved by NLS method with 

reference to Equation (4) and (5). For each scenario, simulations were carried out for 100 times. 
CRLB on the DTOA error covariance matrix was calculated for every scenario with Equation (8), 

in which error covariance matrix N refers to Equation (12). 

4.2 Influence of Error Sources on Simulation Results 
This is Scenario 1, set a=50. In this 200×200m target area, the projectile hits the ground at point 

Q(80,90,0)m with an elevation angle π/3 and azimuth angle 0, and the impact velocity is 700m/s. 
Then the positioning error of the projectile impact point is simulated in the following cases. 
Scenario 1.1 Only DTOA error caused by signal acquisition process is taken into account, 100 times 
of simulations are carried out to calculate impact point position, its mean value and one standard 
derivation (1-SD) ellipse, then actual value and CRLB ellipse are shown to compare in Figure 3(a). 
Scenario 1.2 Only DTOA error caused by sensor position error is taken into account, and simulation 
results are shown in Figure 3(b). 
Scenario 1.3 Only DTOA error caused by wind, namely sound speed error is taken into account, and 
simulation results are shown in Figure 3(c). 
Scenario 1.4 All DTOA error sources in Scenerio 1.1~1.3 are taken into account, and results are 
shown in Figure 3(d). 

 
(a)                       (b) 

 
(c)                   (d) 
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Figure 3 – Simulation results for different error source. (a)-(d) show the estimation results of 
Scenerio 1.1-1.4. Dots donate estimates from 100 times of simulation value, crosses donate mean 
values of simulation, squares denote the actual values, solid lines denote CRLB error ellipses, and 

dashed lines denote 1-SD error ellipses. 
As can be seen from the above figure, error discription method of CRLB fits the simulation of 

projectile impact point well. To targets of large area, the influence of arrival time acquisition error is 
the smallest, the sensor coordinate error is the second, while the influence of wind speed is the 
greatest. The total error is mainly affected by the wind speed.  

In this scenario, the elevation angle θ=π/3 and the azimuth angle ϕ=0, so the projection of 
trajectory parallels the X-axis, so the X-coordinate is mainly affected. The arrival time of Sensor 1 is 
subtracted in every equation of DTOA algorithm, resulting in the asymmetry of simulated impact 
point coordinate distribution.   

4.3 Positioning Error Vary with Trajectory Parameters 
This is Scenario 2, and the basic setting is the same as Scenario 1. All error sources are 

considered, and specific parameters vary in a certain range to obtain the distribution of CRLB stand 
deviation of DTOA. 

Scenario 2.1 Scan XQ and YQ, the CRLB standard deviation distribution of XQ, YQ and RQ is shown 
in Figure 4(a), (b) and (c). 

Scenario 2.2 Scan θ and ϕ, the CRLB standard deviation distribution of XQ, YQ and RQ is shown in 
Figure 4(d), (e) and (f). 

 
(a)      (b)      (c) 

 
(d)      (e)      (f) 

 
(g)      (h)      (i) 

Figure 4 – Impact point error distribution versus hit position, angles and speed. (a) (d) (g) are 

3351



 

 

x-coordinate error distribution, (b) (e) (h) are y-coordinate error distribution and (c) (f) (i) are 
position error distribution. (a)-(c) are error distribution versus XQ and YQ, (d)-(f) are error 
distribution versus θ and ϕ, (g)-(i) are error distribution versus Vr and Cb. 

As is shown in the above figure (a)-(c), when the projectile hits the ground at different position, 
the error of impact point is different. Near to Sensor 9 (at (200,200,0)m), the error of impact point is 
large because that the DTOA algorithm is mainly based on time arrival difference between Sensor 1 
and others. Points near Sensor 9 is relatively far from Sensor 1, forming a longer distance for shock 
wave to travel, so the accumulated error is larger, and the impact point error is larger. When the 
impact point is close to a sensor, the total error will reach the local minimum, because at this 
situation, the arrival time acquisition error is minimal, and its contribution to the total error is 
minimal. The X-coordinate error of impact point is larger than the Y-coordinate error in general, 
because the projection of the ballistic trajectory is parallel to the X-axis, and the spatial resolution of 
the X-axis direction decreases(14) (Imaginne in extreme cases that θ=0 and ϕ=0, and the 
x-coordinate estimation error increases indefinitely). 

Figure 4 (d-f) shows the error distribution versus elevation angle θ and azimuth angle ϕ, it can be 
seen that in general, the more the trajectory is prependicular to the ground, the less impact point 
error is. 

Figure 4 (g-i) are the error distribution versus ballistic const Cb and projectile hitting speed Vr. As 
the speed gets slower, the shock wave angle become greater, so the positioning error become greater.  

4.4 Impact point positioning error versus sensor spacing 
This is Scenaric 3, and the basic setting is the same as Scenario 1. Change the sensor spacing a 

and the impact point coordinate (1.6a, 1.8a, 0), the relationship between the error of impact point 
and different error sources is obtained. The result is shown in Figure 5. 

 
Figure 5 – Impact point error versus target scale for different error sources 

Figure 5 shows that when the target size (or the sensor spacing) is greater than a certain threshold 
(here the threshold a=0.63, target size 2.5*2.5m), the influence of wind speed on the total error 
become the greatest, and linearly increases with the increase of target size. When the target surface 
amplitude is small, the sensor position error and the time acquisition error take the lead successively. 
At this time, the sensor position is usually measured by rulers , with high accuracy, so the time 
acquisition error has dominant influence. This conclusion is in according to the common set up in 
early articles.  

5. CONCLUSIONS 
In this paper, NLS algorithm is applied to realize the localization of the impact point of 

supersonic flight projectile, and the CRLB method for the positioning error estimation is improved, 
so that it is still applicable under the influence of the wind within level 3. Simulation results show 
that the improved CRLB method can truly reflect the distribution law of simulation data and can be 
used as a basis for analyzing the error distribution characterist ics of impact points under different 
circumstances. According to the improved method, analysis is conducted on which error sources are 
dominant under different target scales, and the conclusion has certain guiding significance for the 
confirmation and evaluation of field array scheme. 
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Abstract
Spatial audio processing includes recording, modification and rendering of multichannel audio. In all these
fields there is the choice of either a physical representation or of perceptual approaches trying to achieve a target
perceived audio quality. Classical microphone techniques on one hand and wave field synthesis, higher order
ambisonics or certain methods of binaural rendering for headphone reproduction on the other hand target a good
physical representation of sound. As it is known today, especially in the case of sound reproduction a faithful
physical recreation of the sound wave forms (“correct signal at the ear drums”) is neither necessary nor does it
allow a fully authentic or even plausible reproduction of sound. 20 years ago, MPEG-4 standardized different
modes for perception based versus physics based reproduction (called “Perceptual approach to modify natural
source” and “Acoustic properties for physical based audio rendering”). In spatial rendering today, more and
more the perceptual approach is used in state of the art systems. We give some examples of such rendering. The
same distinction of physics based versus psychoacoustics (including cognitive effects) based rendering is used
today for room simulation or artificial reverberation systems. Perceptual aspects are at the heart of audio signal
processing today.
Keywords: Psychoacoustics, Spatial Audio, Perception

1 INTRODUCTION
Few technologies have seen such wide spread application like perceptually motivated audio technologies. When
high quality audio coding was introduced some 30 years ago, it meant a paradigm shift in the way signal
processing algorithms had to be designed and evaluated. In the case of classic audio coding algorithms (like
mp3 and AAC, see e.g. [3]) the perceived quality improved once perceptual aspects were built into the system.
At the same time the error as measured by quadratic measures (e.g. SNR) becomes worse. Nowadays many
more applications of signal processing went from classic optimization for minimum quadratic error (Eucledian
distance) to perception based algorithms.
Figure 1 shows the principal block diagram of a perceptual audio encoder. Perception is introduced in this case
via the block "calculation of masking threshold based on psychoacoustics". This block estimates masking as it
takes place because of the mechanics on the cochlea, i.e. the inner ear.
Since the days of the introduction of audio coding algorithms, perceptual aspects have been used in other
fields, too. If we look at a typical audio transmission or reproduction system, we find topics concerning signal
acquisition (recording using e.g. one or several microphones), signal adaptation to the actual task (mixing etc.)
and rendering the sound for the intended playback situation, e.g. loudspeakers or headphones.
This includes multichannel recording and reproduction as well as binaural techniques. Overviews on these topics
can be found e.g. in [20] or [10]. Another good source for more information is the book edited by Agnieszka
Roginska and Paul Geloso [16].
In this paper, we will look especially at spatial rendering techniques. This includes cognitive effects like humans
remembering sounds and rooms, influencing the way we recognize sound reproduction as authentic or plausible.
Figure 2 emphasizes the feedback path from complex processing in the brain (auditory object analysis) back
to earlier stages in the audio processing chain. To state it in a very simple way, what we hear is based on
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Figure 1. Principal block diagram of a perceptual audio coder

Figure 2. The Audio Processing Chain in Ear and Brain (James D. Johnston)

our expectations. This will be especially important when we look at binaural rendering of audio signals to
headphones.

2 SPATIAL RENDERING TECHNIQUES
Spatial sound rendering has been around for many years using stereo or surround sound loudspeaker reproduc-
tion. However, these techniques lack real plausibility compared to the experience of sitting in a real concert
hall. Newer systems use more loudspeakers to recreate plausible sound fields. These work by representing the
sound as channels (as in classic stereo or surround recordings), spherical harmonics or as audio objects which
are rendered e.g. using higher order ambisonics, wave field synthesis or other methods.

2.1 Wave field synthesis
Wave field synthesis started as an approach to recreate a complete sound field using many loudspeakers. There
are many good papers describing the technology including [20] and chapters in [16]. The basic mathematical
description of WFS is the so-called Kirchhoff-Helmholtz-Integral as formulated by Kirchhoff in 1883. Figure 3
shows an intuitive solution to this integral, the Huygen’s principle as known from optics: A wave front as
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Figure 3. Principal of wave field synthesis Diemer de Vries, Rinus Boone (TUD) Redrawn by Frank Melchior

generated from a far away source is reproduced by many secondary sources. This reproduction of course
is not precise. For example, at higher sound frequencies, there is aliasing leading to less artifacts in sound
reproduction.
WFS in its basic form tries to do recreate the wave forms in the whole listening space in an accurate way. The
optimization algorithms are geared toward physical correctness, not towards the best sound quality. As shown
for example in [20], WFS can lead to coloration of the sound and other artifacts. Current spatial rendering
techniques based on WFS use modified algorithms using a larger spacing, at the same time avoiding some of
the coloration. More about this can be found in the chapter about wave field synthesis in [16].

2.2 Ambisonics
In ambisonics a sound field is represented by spherical basis functions, the spherical harmonics. Originally it
was introduced by using the spherical harmonics of zeroth and first order. With the increase in computational

Figure 4. Picture of the elements in higher order ambisonics, from order 0 (top) to order 3

3356



power it is now possible to use higher order spherical harmonics. This results in an increase in angular resolu-
tion and enables the reproduction of more complex sound fields.
Recording of an ambisonics sound scene can be done with a so called B-format microphone, for up to first
order ambisonics, or with a higher order spherical microphone array for higher order ambisonics. Additional
sources can be placed into the recorded sound scene by encoding them into the ambisonics format and specify-
ing the source direction.
The decoding of the ambisonic signals for reproduction can be done for different loudspeaker setups or head-
phones, i.e. binaural listening.
For reproduction via loudspeakers, ambisonic works via the perceptual effect of phantom sources, similar to
vector-base amplitude panning (VBAP), rather than through the physically exact synthesis of a sound field
[8]. To get the corresponding gains for the different loudspeakers, different decoding strategies exist, such as
AllRAD [23]. Here, the ambisonic signals are decoded to an optimal, virtual loudspeaker setup that is than
rendered to the real loudspeaker setup with VBAP.
For a given ambisonic order and above a certain frequency, the sweet spot for reproduction will become smaller
than the human head. Thus an additional weighting can be applied, that adjusts the soundfield at higher fre-
quencies accordingly. This is called max-rE -decoding [5] and can be seen as a deviation from the physically
correct synthesis.
In terms of binaural reproduction the achieved quality is directly linked to the quality of the binaural decoding
system, i.e. the used set of HRTFs and the processing respectively. More information about ambisonics can be
found both in [16] and in [20].

2.3 Binaural
The usual way of rendering audio signals for a long time has still been based on physical models. As an
example, in binaural playback over headphones, the task has been to recreate a signal at the eardrums which is
physically very near to the actual signal audible at the recording site.
Binaural synthesis describes the reproduction of the sound pressure signals at the ears one would experience in
a real acoustic scene. This allows for a headphone-based reproduction by directly playing back binaural signals.
Binaural audio content is created by either recording the binaural signals, for example with the use of a head-
and-torso simulator or by filtering a monaural audio signal with head related transfer functions (HRTFs). HRTFs
describe the direction-dependent filtering caused by the anatomic structures of a person’s head, ears and torso.
These highly individual filters can be measured directly with in-ear-microphones in an anechoic environment or
simulated using appropriate techniques like FEM or BEM.
While over many years, research groups improved the fidelity of binaural playback over headphones by getting
closer and closer to the actual signal at eardrums, systems enabling plausible playback for all individuals and
all situations are still not available.
The following techniques have been used and can improve the plausibility of binaural synthesis:

• Using HRTF e.g. by recording via a dummy head

• Using measured HRTFs (individualized)

• Using head tracking to modify the HRTF according to the head direction

• Using room simulation and synthesized Binaural room impulse responses (BRIR)

• Trying to let the visual sense and the simulated audio scene match

• Training the listeners to be adapted to the effects of binaural synthesis

• Tracking the movement of a listener and adopting the used BRIRs

• Matching the used BRIRs to the actual listening room
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The list above is probably still not exhaustive. It can be noted, that the main reason to not get a plausible
reproduction is the deviation from expectation. It is not necessary that every parameter is perfect compared to a
real world situation, but if there is too much of a deviation, we get in-head-localization or front back confusion
instead of a plausible, externalized impression of "being somewhere else".

3 PERCEPTUAL ASPECTS
Due to individual binaural cues such as Head Related Transfer Function (HRTF), Interaural Time Difference
(ITD) and Interaural Level Difference (ILD) the sound fields entering the ears vary between listeners and thus
lead to a different perception. In this section, we present some aspects concerning the perceptual side of spatial
audio processing.

3.1 Perception
Perception is a chain of processes taking place between the sound as a physical event in the external world
and its perceptual registration by the listener [18, p.21] [9]. A sound within a sound field entering the ears is
transferred into electro-chemical signals that are further transmitted into brain. Thus the internal representation
in the brain can differ between listeners.
As mentioned above, knowledge plays a role during the processing as well. On the one hand, Bottom-Up-
Processing takes place where external information is received and activates the process, e.g. sounds arriving at
the ears. On the other hand, Top-Down-Processing occurs which is based on knowledge. Then, a listener is
able to label the received information by naming a sound “music” or “noise” by referring to all the knowledge
the listener has learned with experiences [9].
Hearing with two ears is taken into account in spatial hearing [2]. Once the physical sound enters both ears the
binaural signal processing takes place where the signals of both ears are linked together to form the internal
representation. In the next stage, the hypothesis-driven stage, a certain sensation is evoked if a hypothesis
formed in higher stages of the central nervous system about an appropriate sensation for an expected sound
matches the internal representation of the bottom-up processing. The hypothesis-driven stage refers to top-down
processing.
The auditory perception depends not only on the external sound field and the sound processing but also other
senses such as visual input influence the formation of the internal representation [6, 14]. An example is Ham-
merschmidt’s and Wöllner’s [11] study that found an influence of the visual quality by different compression
rates on the perceived audio quality when listening through headphones. Often the visual domain even domi-
nates the auditory domain, see for example [1]. In order for the internal representation of a scene to be authen-
tic/plausible, the visual scene needs to match the audio scene. Otherwise an observer notices this mismatch and
the scene seems unrealistic or confusing.

3.2 Psychoacoustic Effects and Cognitive Aspects
Focusing on the auditory perception, psychoacoustic effects explain how physical events are perceived by a
listener. Fastl and Zwicker give an overview of important facts and findings [7]. In the context of spatial audio,
the precedence effect (or also Haas effect), masking effects, the Cocktailparty effect and generally auditory
scene analysis are introduced.
The precedence effect describes the observation that a sound is located from the direction of the first wave front
arriving at a listener and is also referred to the "law of the first wave front" [2], [22]. Masking effects occur
when a signal with a low intensity (maskee) is covered by a stronger signal (masker). Two types of masking
can make the maskee inaudable: simultaneous (frequency dependent, the closer the frequencies the stronger the
effect) and temporal masking (intensity dependent) [7], [21, p. 222].
The cocktail party effect refers to the ability to concentrate on a certain sound event within a complex acoustic
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scene, e.g. a listener can focus on another person speaking at party where a high noise level with many speakers
occurs [15, p. 90f.]. Auditory scene analysis means the decomposition of an acoustic scene into its individual
parts [see also [4]].
The way internal representations are formed also depends on cognitive aspects such as Gestalt principles [18].
By describing how auditory or visual events are cognitively organized (either grouped or segregated) by a
person the Gestalt principles have found applications in more design oriented fields such as (audio) interface
design, music composition and audio mixing [17]. Since the beginning of object-based audio rendering cognitive
aspects need to be considered when designing the sound field by objects instead of mixing the sound for several
channels, too.

3.3 Perceptually motivated optimization of rendering
As one example of spatial rendering enabling better plausibility, we name dynamic binaural reproduction:
The limited sensitivity of humans to small room acoustical differences, e.g. spatio-temporal reflection pattern,
was observed in several experiments [12, 19]. Such knowledge can be used to simplify and optimize dynamic
binaural rendering for translation motion. It was found that only by adjusting the level of the direct sound of a
BRIR a convincing approaching motion towards a virtual sound source could be realized [13]. The reproduction
was rated as plausible by all participants of the study.

4 CONCLUSIONS
In audio signal processing, perceptual models including models of human cognition are necessary for current
and future systems. They enable a much better audio quality and can help to get rid of many known artifacts
(like in-head localization and front-back confusion) when listening via headphones. Work on these topics is
just under way. To emphasize the main result of this paper: Just like optimization is a bad strategy for audio
coding, just getting the "correct" signals to the ear drum is by far not enough to enable an authentic and/or
plausible experience of spatial audio.
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Abstract
Virtual reality (VR) systems have emerged as platforms for personal interactive audio-visual media experiences.
In order to have a real-world reference against which to evaluate the room acoustics reproduced within VR,
methods are needed to compare the virtual experience with that of a real room. In this work, two pipelines were
developed for evaluating room reverberation over headphones within VR, acoustically and visually. The acous-
tical pipeline involves parameterisation of B-format room impulse responses via the reverberant spatial audio
object (RSAO) and subsequent binaural rendering. The visual pipeline uses stereo 360◦ images to reconstruct
the room geometry and materials that are then translated into binaural via two popular VR software develop-
ment kits. Audio-visual subjective tests were conducted to evaluate the perceived quality and spatial impression
of real rooms, using hidden anchors. The results show RSAO to be the better reverb estimator. However,
the vision-based pipeline proved to provide a better listening experience when compared to the use of sounds
carrying wrong acoustics. Future work will examine interactivity with realistic spatial room reverberation.
Keywords: Acoustics, Reverb, VR, Audio-Visual

1 INTRODUCTION
Virtual reality (VR) is one of the most popular technologies. It allows users to be transported into imaginary
worlds, thus it is widely utilized in industries such as gaming [29] and film production [10]. Moreover, real-
world scenes can be reproduced in VR, by employing 360◦ cameras and spatial audio recordings [15]. This
capability allows VR systems to be employed as an aid for health sciences, creating new non-invasive tests [22],
or supporting long-term patients [18]. VR has also potential in education [8].
In recent years, researchers have mainly focused on improving the visual side of VR reproductions [34, 30].
However, a VR experience would never be perceived as “real” if sounds are not in harmony with the visual
perception [11]. It is fundamental, for instance, that sounds carry reverb information matching what humans
would expect by looking at the environment [2]. This not only makes a virtual environment to seem realistic,
but it also allows a correct perception of the sound source distance [24]. Mathematical models that describe
reverberation have been extensively investigated, with a particular attention to reproducing the physical charac-
teristics of it [36]. Researchers developed methods to describe reverb through sets of parameters [35, 27, 25],
which allow to recreate (and edit) real-world reverb in virtual scenes. The parameterization process is typically
done from recorded acoustical room impulse responses (RIRs). In [35], RIRs were recorded by using an array
composed of four microphones, in a 3D layout. Parameters described the direction of arrival (DOA) of the
main sound component, by looking at several time windows. In [25], parameters were still employed to define
the DOA of the temporal-dependent soundfield components, to improve high-order Ambisonics. Nevertheless, it
also included the description of a diffuse part, following [26]. In [27], instead, we proposed a representation
based on specular early reflections and diffuse late reverberation, aiming at object-based audio [4].
Recently, it has been demonstrated that also from vision it is possible to approximate real rooms’ reverbera-
tion [17]. 3D room geometry reconstruction is a widely explored field in computer vision [31, 3, 39]. In [31],
3D reconstruction was performed from multiple images. In [39], instead, the more challenging scenario where
only one camera position is available was tackled, by exploiting geometrical cues, such as lines and texture.
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Kinect was then used in [3], to generate the depth-map of the room. The material recognition problem, on the
other hand, is more recent. Researchers tried different approaches, for instance, by employing features such as
colors and micro-textures [20]. In [14], we used two 360◦ cameras to generate synthetic RIRs having acoustical
characteristics similar to the captured environment, by first estimating the room geometry and materials.
In [28, 15], we performed an objective evaluation of the quality of the rendered reverb in VR. Nevertheless, it
is difficult to define an objective metric that could reliably describe the quality of a sound that is reproduced in
VR. When in the presence of visual stimuli, the perceptual differences between a real and a synthetic acoustic
environment are not as strictly defined as they are for unimodal scenarios [33]. In VR, a visual component ex-
ists, hence, here, we perform audio-visual subjective tests. We are interested in analyzing the sound quality and
spatial impression, since they are two key features characterizing spatial audio in a virtual acoustic scene [38].
In this paper, we describe two pipelines to render real-world reverb in VR. The first one is based on the analysis
of acoustic signals, i.e. RIRs. It estimates parameters defining reverberant spatial audio objects (RSAOs) [27].
The second pipeline, instead, is based on visual captures made with 360◦ cameras, as we first proposed
in [28, 15]: we perform a geometry and material estimation of the room, hence implicitly containing the re-
verb description. The information estimated via these two pipelines are rendered into VR using Google Res-
onance [12] and Steam VR [37]. For the audio-based pipeline, once obtained the RSAO parameters, we first
record the rendered sounds via using the versatile interactive scene renderer framework (VISR) [7], then, we
reproduce them through an array of 52 virtual loudspeakers, using Resonance. For the visual-based pipeline,
instead, we try both Resonance and Steam VR as renderers for VR. In fact, we test two variants of the same
pipeline. As main contribution we present subjective tests, looking at the sound quality and spatial impression
of sounds reproduced, in VR, via the audio-based pipeline and the two vision-based pipeline variants.
The rest of the paper is structured as: Section 2 describes the proposed pipeline for reproducing real world
acoustics given acoustic recordings; Section 3 introduces the other pipeline, based on visual captures; 4 describes
the subjective experiments and discusses the results; finally, Section 5 draws the overall conclusions.

2 ESTIMATING REVERB FROM ACOUSTIC RECORDINGS
This section describes the first method, which parameterizes room reverberation, given recorded B-format RIRs.

2.1 Reverberant Spatial Audio Objects (RSAOs)
The RSAO, which we previously presented in [27, 5], models enclosed environment reverberation by defining
a set of parameters describing the three RIR components [36]: the direct sound, revealing the position of the
sound source; the early reflections, conveying a sense of the environmental geometry; and the late diffuse
reverberation, indicating the size of the environment. In this paper, we employ RIRs recorded in B-format.
The early reflections are encoded into parameters describing their times of arrival (TOAs), levels, DOAs, and
frequency responses [27]. The late reverberation parameters, instead, describe its temporal envelope for a set of
frequency bands. For each subband, the rate of decay is encoded together with the level in the neighbourhood
of the mixing time [27, 4]. Direct sound’s parameters follow the same flow as for the early reflections’ [27].

2.1.1 Early Reflection Parameters
To estimate TOAs from RIRs, we developed, in [27], a method based on the dynamic programming projected
phase-slope algorithm (DYPSA) [23]. DYPSA detects the early reflections in the W-channel of a B-format RIR
by observing its group delay function G(ω), with ω representing the angular frequency. Sudden variations (i.e.
peaks) correspond to zero crossings in G(ω). The DYPSA output is thus a sequence of non-zero values placed
at the time samples nk, with k being the reflection index. TOAs are calculated as tk = nk/ fs, where fs is the
sampling frequency. The second parameter describing the early reflections is the level [27]. The W-channel of
a B-format RIR is segmented in the neighbourhood of the detected peaks, by using a Hamming window of
length D. The energy is calculated as Ek =

1
D ∑

nk+(D/2)
n=nk−(D/2) |r(n)|

2, where r(n) is the RIR. Ek is then converted
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Figure 1. Overview of the audio rendering from visual captures.

into level as Ak =
√

Ek. DOAs are then estimated by steering a virtual cardioid microphone, considering each
W-channel RIR segment containing the reflections [5]. The output of the steered cardioid can be written as
S(v,n) = 1

2 [r
W (n)+ vxrX (n)+ vyrY (n)+ vzrZ(n)], where v is a spatial vector containing vx = cos(θ)cos(φ), vy =

sin(θ)cos(φ), vz = sin(φ), for 0≤ θ < 2π and π/2≤ φ ≤ π/2, with θ and φ being azimuth and elevation angles,
respectively. rW (n), rX (n), rY (n), and rZ(n) are the four channels of a B-format RIR. The DOA is estimated as
the steered peak containing the most energy: argmaxv ∑n S(v,n)2. The frequency content of the early reflections
is also parameterized by applying the linear predictive coding (LPC) [21] to the W-channel RIR segments. The
output is a 9-th order infinite impulse response filter approximating the reflection frequency response [27].

2.1.2 Late Reverberation Parameters
The exponential decay at different octave bands is the key parameter chosen in RSAO to describe the late
reverberation [27]. To estimate the starting point of this decay, we first need to determine the mixing time [4].
To do so, we calculate the normalized echo density, as was first proposed in [19]. We defined the mixing
time as when the echo density became greater than 1. The late reverberation (i.e. the portion of RIR after
the mixing time) recorded at the W-channel of the B-format RIR is then passed through an octave filter bank,
with the final aim of determining the frequency-dependent decay [27]. The Schroeder energy decay curve is
estimated for each band and an exponential curve fitted to it, based on the decay over the first 20 dB (after the
mixing time). The exponential coefficients are the RSAO late reverb parameters. For each subband, the length
of an onset ramp rising linearly from zero at the first early reflection to the noise gain in the neighbourhood of
the mixing time is also encoded. This allows an increase of diffuse energy even before the mixing time [5].

3 ESTIMATING REVERB FROM VISUAL CAPTURES
This section describes the system implemented for audio rendering from visual captures with 360◦ cameras,
based on [15]. Figure 1 shows the pipeline for spatial audio reproduction in VR of a real environment.
A scene is captured by vertically aligned 360◦ cameras. Two captured fish-eye images are mapped and stitched
into an equirectangular image. They are aligned to the room coordinate axes to identify the principal room
directions. Then the process is split into two stages: semantic object classification and 3D scene reconstruction.
Depth of the scene is estimated by using correspondence matching with spherical stereo geometry [15]. For
correspondence matching, any feature matching algorithm can be used for the image pair. We use the feature-
based dense block matching method [16] which detects occlusion regions and ambiguous regions. For semantic
scene segmentation and object classification, the equirectangular image is projected onto a unit cube centred on
the camera to produce general perspective images and each projected image goes through the semantic object
labelling pipeline. SegNet [1] is used in the proposed pipeline. SegNet provides a model trained on the SUN
RGB-D indoor scenes dataset [32] to semantically segment structure and objects in indoor scene images. The
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Table 1. Size, acoustic properties, and recording setup information of the four rooms.

Room Dimensions (m3) Mic/Camera Position (m) Loudspeaker Position (m) RT60 (ms)
MR 5.61×4.28×2.33 [0.33,2.12,1.00] [3.00,2.12,1.00] 270
ST 14.55×17.08×6.50 [5.00,6.94,1.50] [5.00,4.94,1.50] 913
CY 10.10×19.00×− [3.35,12.63,1.70] [5.42,14.99,1.69] 688
KT 6.64×3.46×2.67 [1.59,4.10,1.71] [1.98,1.95,1.68] 350

output labels from SegNet are back-projected to the original equirectangular format.
Based on the object labels and depth information, object-labelled cuboids are reconstructed to represent the
scene structure. All 2D points on the captured image are projected to the 3D space using the depth information
estimated in the previous section. This 3D point cloud is segmented into clusters based on the object labels.
From this object point clouds, block structures are reconstructed based on their point occupancy to build an
approximated geometry of the scene. This output is directly imported to Unity to build a VR environment. The
Google Resonance [12] or Steam [37] Audio package is used to simulate spatial audio in the Unity engine.
Resonance Audio provides 22 types of materials with their acoustic attributes, and Steam provides 11 preset
materials and 1 custom material. We map the object labels to the acoustically closest material types in the pro-
vided audio package. Both Resonance and Steam calculate the early reflections via using head-related transfer
functions (HRTFs) belonging to the closest DOA estimated via ray tracing. However, Resonance renders the
reverberation through a set of virtual loudspeakers, whereas Steam calculates a single binaural RIR to convolve
with the sound: Steam’s goal is to generate an accurate acoustic simulation; Resonance aims to bring the spatial
audio experience to mobile devices, thus reducing the computational complexity.

4 SUBJECTIVE EXPERIMENTS
The aim is to evaluate the perceived quality and spatial impression (compared to the visual reproduction) of the
reverb estimated via the two presented pipelines. Static headphones were used for the sound reproduction, and
a screen for observing the related room images.

4.1 Listening Test Setup
Four rooms were tested: a meeting room (MR), a large recording studio (ST), a courtyard (CT), and a kitchen
(KT). The 360◦ images were captured using a couple of Ricoh Theta cameras. RIRs were recorded by using
the swept-sine method with a sampling frequency of 48 kHz [6], employing a Genelec 8020B as sound source.
Regarding the microphone, we used a Soundfield MK5 B-format microphone in ST and MR; whereas in CY
and KT the B-format Ricoh TA-1 3D Audio Microphone. The rooms’ dimensions, recording setups, and re-
verberation times (RT60s) are reported in Table 1. Two sounds were employed: an anechoic speech from the
TIMIT dataset [9]; and a clarinet recorded in anechoic environment, downloaded from the OpenAirLib library.
Two tests were carried out, looking at subjective attributes that are known to determine a reproduced sound
quality [13]: the “spatial impression” and the “overall quality”. Listeners were presented with MUSHRA in-
terfaces having multiple sliders to rank each stimulus against the attribute under test (see Figure 3), within a
discrete scale of integer numbers between 0 and 5. We built three methods to produce the stimuli. The first
one, here referred as “Resonance”, estimated the room acoustics by employing the visual-based pipeline in Sec-
tion 3, and reproduced using Google Resonance as renderer in VR [12]. Also the second one, named here as
“Steam”, followed the visual-based pipeline in Section 3, nonetheless, it employed the Steam Audio package,
to reproduce sounds in VR [37]. The third method is based on the RSAO [27]. To reproduce in VR the sounds
generated from the RSAO parameters estimated following Section 2, we first rendered them via VISR, the S3A
project’s object-based renderer [7], defining 52 virtual loudspeakers on a sphere around the listening position.
These speakers were equispaced on 3 rings: 24 at elevations 0◦, 12 at 30◦, and 12 at −30◦. The same virtual
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Figure 2. Overview of the four methods used to generate the stimuli.

Figure 3. Screenshots of the MUSHRA interfaces for the two tests. The spatial impression test (left) presents
5 stimuli, named between A and E (randomly assigned to the RSAO, Resonance, Steam, B-format, and Wrong
room sounds), and two anchors named as N and M. The overall quality test (right) presents 4 stimuli, named
between A and D (randomly assigned to the RSAO, Resonance, Steam, and B-format sounds).

loudspeakers were then defined using Google Resonance for the playback. All the sounds were recorded, in
VR, at the listening position, as .wav files. They were then embedded into the MUSHRA interfaces, developed
in Max MSP. An overview of the methods used for producing sounds in VR is in Figure 2.
To have hidden anchors defining high quality reproduction, we also generated binaural sounds from B-format
recordings (named during the analysis as “B-format”). This conversion was done using the NoiseMakers Ambi-
Head plugin, in Reaper. As low anchor, we simply used a sound carrying a wrong reverberation (i.e. related to
another room). Twenty listeners were tested. However, four of them were discarded from the analysis, having
been identified as unreliable: by observing just the anchors’ scores, listeners who did not correctly identify them
more than two times were discarded. This was considered as an indicator of misunderstanding about the task.

4.2 Spatial Impression
This test was performed by reproducing sounds through headphones, while providing the panoramic photos of
the related room under investigation. The MUSHRA interface used is depicted in Figure 3 left. Eight pages
were tested, one for each combination of tested room and sound. Listeners were asked to: “Please, rate the
stimuli between 0 and 5, looking at how much the spatial impression matches what you would expect from
the room in the image”. For this test, two hidden anchors were used: one, to be rated as 4, was the binaural
sound obtained from B-format, as discussed in Section 4.1; whereas, to be rated as 1, it was a sound related
to a room having completely wrong reverb. Although being hidden among the three pipelines to test, these two
anchors were also explicitly provided to the listeners as reference for stimuli to rate as 1 and 4, respectively.
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Figure 4. Subjective scores for spatial impression (top three) and overall quality (bottom three). On each box,
the horizontal red line represents the median of the distribution, the bottom and top edges of the boxes are the
25th and 75th percentiles, respectively. The whiskers show the most extreme non-outlier data points, whereas
the outliers are depicted as red crosses. The black circles are the means of the distributions.

Table 2. P-values of paired t-tests between the different methods’ ratings across both music and speech. h = 1
means that the test rejects the null hypothesis of the two results belonging to normal distributions with equal
means (95 % of confidence). When h = 0, it cannot reject the null hypothesis with a 95 % of confidence.

Wrong vs Resonance Resonance vs Steam Steam vs RSAO RSAO vs B-format
Spatial Impression 8 ·10−12 (h = 1) 0.007 (h = 1) 0.340 (h = 0) 7 ·10−13 (h = 1)

Overall quality – 0.014 (h = 1) 0.457 (h = 0) 2 ·10−14 (h = 1)

The results are reported in Figure 4, top row. As expected, the overall rating shows both means and medians
of the three methods to be lower than the anchor given by the binaural sound. Furthermore, all their spatial
impressions are rated higher than the wrong room reverb. Comparing the three methods, RSAO presents the best
mean and median, in fact it estimates the reverb directly from acoustic recordings, rather than from an image
as the other two. Between Resonance and Steam, subjects seem to prefer Steam, in terms of spatial impression,
when comparing the reproduced sound to the related room image. The other two figures split between the two
pieces of content: music and speech. The trend observed in the overall score is mainly given by the music
results. Instead, for speech, every method seems to provide similar spatial impression. This is related to the
speech frequency spectrum being broader than the clarinet’s. This masks better issues already found in the past,
when Google Resonance was employed to reproduce single sinusoids [28]. In Table 2, we report the results of
paired t-tests. With a 95 % confidence, the distribution of Resonance’s rates has different mean from Steam’s.
RSAO rates, instead, cannot be claimed to be statistically different from Steam’s, given the 16 samples.
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4.3 Overall Quality
Here, the photos of the room under investigation were shown to the listeners just to provide an idea of the
acoustics they should expect. Nevertheless, they only needed to compare the stimuli overall sound quality,
scoring them between 0 and 5. The interface used in depicted in Figure 3 right. Eight pages were tested, one
for each combination of tested room and sound. Only the B-format signal was used as hidden anchor (a wrong
room reverb does not necessarily mean a lower sound quality), but not provided as explicit reference.
The results are reported in Figure 4, bottom row. As expected, the overall rating shows both means and medians
of the three methods (i.e. RSAO, Resonance, and Steam) to be lower than the anchor. The interesting part of
these results is that, comparing the three methods, RSAO and Steam presents better means and medians than
Resonance. Nonetheless, since the percentiles clearly overlap, we reported in Table 2 the results of paired t-
tests. From them, it is possible to claim that, with a 95 % confidence, the distribution of Resonance is different
from Steam’s. Whereas, as for the spatial impression, RSAO rates cannot be claimed to be statistically different
Steam’s. However, in general, it has to be taken into account that, to render RSAO, virtual loudspeakers were
utilised with Google Resonance. Therefore, RSAO’s results may be, perhaps, biased towards a lower rate. This
is going to be better tested in the future, by running additional subjective tests, where RSAO will be reproduced
in VR also using Steam. Looking at the other two figures, with music, RSAO performs better than both
Steam and Resonance. On the other hand, for speech, Resonance seems to be the best. As mentioned above,
the frequency spectra of the two sounds makes the difference: when Resonance plays the clarinet, a white
background noise is audible. With speech, instead, the broader range of frequencies masks this problem [28].
This difference in quality may be also generated by the differences between Resonance and Steam during the
rendering stage. As already discussed in Section 3, Resonance renders the reverberation through a set of virtual
loudspeakers, whereas Steam calculates a binaural RIR. This makes Steam preferable when a high sound quality
is required; nonetheless, Resonance is preferable for fast rendering applications.

5 CONCLUSION
We evaluated two pipelines for the generation of spatial reverb in VR: one based on the RSAO parameterization;
the other on the calculation of room geometry and materials, from images. For the visual-based, we employed
either Google Resonance or Steam Audio to renderer the acoustics, thus we tested a total of three methods.
Two subjective tests were undertaken. The first one looked at the spatial impression, whereas the second one
aimed to evaluate the overall quality of the sound reproduction. In general, the results proved RSAO to create
a better representation of the reverb, since it estimates it by looking directly at acoustic signals. However, in
scenarios where RIRs are not available, the visual pipeline is a good alternative, performing better than just
assigning a wrong reverb. The method employing Steam showed to create a more accurate reverb with respect
to Google Resonance, in general. However, this is due to the different goals of the two tools: Steam’s aim is
to produce high fidelity reverb; nonetheless, Resonance was mainly developed for fast rendering applications.
Future work will look at methods to reproduce RSAO in VR. Moreover, more participants will be included into
the analysis. Additional tests will be also run, evaluating dynamic rendering and reproduction of reverb.
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ABSTRACT
Phase retrieval refers to the problem of recovering a signal from phaseless measurements. Gabor phase re-
trieval, in particular, is concerned with reconstruction from the absolute value of the Gabor transform and has
applications in the time-frequency analysis of audio signals. From a mathematical point of view, phase retrieval
(from frame coefficients) is a challenging problem as it has been shown to be unstable in infinite dimensional
Hilbert spaces and severely ill-conditioned in finite dimensional spaces. However, it has also been shown that
one can relax the classical stability regime to so-called semi-global phase reconstruction and obtain a stability
result for phase retrieval from the continuous Gabor transform in this setting. Recently, we were able to adapt
semi-global phase reconstruction to the discrete case and to prove a promising stability result for the discrete
Gabor transform. In this contribution, we survey selected highlights from recent research on phase retrieval
from frame coefficients with emphasis on phase retrieval from Gabor measurements. In particular, we review
results on semi-global stability of phase retrieval in the infinite dimensional case and present our result in the
finite dimensional setting.

Keywords: Phase retrieval, Time-frequency analysis, Gabor transform

1 INTRODUCTION
In audio processing, among other applications, one sometimes wants to reconstruct an unknown signal x from
measurements that do not contain phase information. This reconstruction problem is widely known as phase
retrieval. Mathematically, phase retrieval can be modelled with the help of a Hilbert space H and a frame
Φ = {φλ}λ∈Λ of H in such a way that we seek to reconstruct x ∈H from the measurements {|(x,φλ )|}λ∈Λ.
In this form, it occurs in applications such as signal noise reduction (1), automatic speech recognition (2) or
the phase vocoder (3, 4).
The most popular algorithms for phase retrieval up to this point are so-called alternating projection methods
originating with the well-known Gerchberg–Saxton algorithm (5) and the further developments in (6). Unfor-
tunately, it is known that the Gerchberg–Saxton algorithm can fail to converge to the desired solution and the
same is true for the methods proposed in (6) in the presence of noise. Of course, various methods exist to
overcome the limitations of the algorithms in (5, 6), but as we do not want to focus on algorithmic methods in
this paper, we will refer the reader to the survey (7). In recent years, a host of other methods have surfaced
which we want to mention, however. Among those are PhaseLift (8), which solves the phase retrieval problem
using semidefinite programming techniques but suffers from immense computational costs, Wirtinger Flow (9),
which boils down to performing gradient descent on a non-convex cost function from a suitably chosen initial
guess, and PhaseMax (10, 11), which like PhaseLift uses a convex relaxation but unlike PhaseLift operates on
the natural parameter space and does therefore allow for efficient implementation.
Most of the theoretical guarantees for the success of the aforementioned methods rely on measurement systems
{φλ}λ∈Λ ⊂ CL whose individual elements are chosen independently at random and which contain sufficiently
many measurement vectors (8, 9, 11). In addition, there are a few results based on random measurement systems
which are more closely related to the Gabor transform (12, 13). Notably absent from these results, however,
are statements about deterministic measurement systems and in particular frames for Hilbert spaces.
Among the theoretical work for phase retrieval from deterministic measurements, we want to shortly highlight
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the research on polarisation for phase retrieval in (14, 15) as well as the research on generic frames in (16–
19). More theoretical work (and numerical experiments) on deterministic phase retrieval has been carried out in
(20–24).
This paper is sructured as follows. Section 2 provides an overview over the classical mathematical theory of
phase retrieval. In particular, the instability of phase retrieval in infinite dimensional spaces and the stability
yet ill-conditionedness of phase retrieval in finite dimensional spaces are discussed. Section 3 contains the
introduction of the concept of semi-global phase reconstruction. In particular, the pioneering work on infinite
dimensional spaces (25) as well as recent work on finite dimensional spaces is described. The paper ends in a
conclusion which points out interesting future avenues of research.

2 PHASE RETRIEVAL IN THE CLASSICAL SETTING
Let K be either C or R, H a Hilbert space over K with inner product (·, ·) : H ×H → K, Λ some index
set and Φ := {φλ}λ∈Λ ⊂H a set of measurement elements. Then, the recovery of x ∈H from the mea-
surements {|(x,φλ )|}λ∈Λ is immediately seen to be impossible as all signals in {xeiα}α∈R generate the same
measurements. It is the canon in the literature to circumvent this problem by recovering signals up to global
phase. Mathematically, this is captured by introducing the quotient spaces PRH := H /{−1,1} as well as
PCH := H /S 1 and measuring the distance between signals via the metric

dH (x,y) := min{‖x− τy‖H |τ ∈K, |τ|= 1} , x,y ∈H .

The phase retrieval problem is formulated as the inversion of the phase retrieval operator AΦ : PKH → RΛ
+

given by
AΦ[x] := {|(x,φλ )|}λ∈Λ

, x ∈H .

In this paper, we are mainly interested in phase retrieval from the discrete and continuous Gabor transform. We
will therefore consider a window function φ ∈ L2(R) and a signal x ∈ L2(R) in order to define the (continuous)
Gabor transform

Vφ [x](t,ξ ) :=
∫
R

x(s)φ(s− t)e−2πisξ ds, t,ξ ∈ R.

Gabor phase retrieval does then refer to the recovery of x from |Vφ [x]| which is exactly the recovery of x from
AΦ[x], for Φ := {φ(t,ξ )(s) = φ(s− t)e2πisξ | t,ξ ∈ R}. The discrete case is very similar to the continuous one:
For a window function φ ∈ CL and a signal x ∈ CL, we introduce the discrete Gabor transform

V d
φ [x](m,n) :=

1√
L
·

L−1

∑
`=0

x(`)φ(`−m)e−2πi `nL , m,n = 0, . . . ,L−1,

where the indexing of φ (and in general all vectors in this paper) is understood to be evaluated modulo L.
Discrete Gabor phase retrieval does then refer to the recovery of x from |V d

φ
[x]| which is exactly the recovery

of x from AΦd [x], for Φd := {φ (m,n)(`) = φ(`−m)e2πi`n/L |m,n = 0, . . . ,L−1}.

2.1 Injectivity
The injectivity of the phase retrieval operator is an interesting (and vast) topic in its own right. We broach
this subject here as it plays an important role in the stability results we present subsequently. It is well-known
(16, 17, 26, 27) that injectivity of the phase retrieval operator in spaces over the real field is equivalent to
the so-called complement property introduced by Balan, Casazza and Edidin (16) in 2006. In spaces over the
complex field, in contrast, the complement property is merely necessary for injectivity.
For Gabor phase retrieval, one can derive quite palpable uniqueness guarantees based on the relation of the
Gabor measurements with the ambiguity functions Vx[x] and Vφ [φ ] (22, 23, 28, 29). In particular, the following
simple lemma holds (28).
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Figure 1. The most prominent example for instability of phase retrieval with continuous Gabor measurements.

Lemma 2.1. Let x,φ ∈ L2(R) with
Vφ [φ ](t,ξ ) 6= 0, t,ξ ∈ R.

Then, x can be uniquely recovered from |Vφ [x]| (up to global phase).

For the discrete Gabor transform, one can derive the same result (see (23)).

2.2 Stability
The stability of phase retrieval in the classical setting can be fully characterised by continuity properties of the
inverse of the phase retrieval operator. A first stability result, often called weak stability, is proven in (26, 27).

Lemma 2.2. Let Φ = {φλ}λ∈Λ be a frame for H and suppose that AΦ is injective. Then, A −1
Φ

is continuous.

Mere continuity of A −1
Φ

is usually not enough, however, as it does not allow us to quantify the stability constant
of the problem, which is the smallest c > 0 such that for all x,y ∈H ,

dH (x,y)≤ c · ‖AΦ[x]−AΦ[y]‖ , (1)

where ‖·‖ is some suitable norm. Using the compactness of the unit ball in finite dimensions, the authors of
(26, 27) are able to show that phase retrieval in finite dimensional Hilbert spaces always admits a finite stability
constant. We say that finite dimensional phase retrieval is (strongly) stable.

Theorem 2.3. Let H be finite dimensional, Φ = {φλ}λ∈Λ a frame for H and suppose that AΦ is injective. Then,
the stability constant of phase retrieval satisfies c < ∞.

Unfortunately, the picture looks very different in the infinite dimensional setting and in fact the authors of
(26, 27) proved that infinite dimensional phase retrieval is never (strongly) stable.

Theorem 2.4. Let H be infinite dimensional. Then, for every frame Φ = {φλ}λ∈Λ for H (with finite upper frame
bound) and every c > 0, there exist x,y ∈H such that inequality (1) is violated.

2.3 Severe ill-posedness and ill-conditionedness
Finite dimensional phase retrieval is a challenging problem in spite of its stability. This is because the stability
constants of phase retrieval from frame coefficients in finite dimensional Hilbert spaces might increase drastically
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Figure 2. Spectrogram of an audio signal in which one may hear a bird and a bison.

in the dimension of the Hilbert spaces in question. This was first noticed by Cahill, Casazza and Daubechies
(26) in 2016 when they constructed a sequence of finite dimensional subspaces (and frames) of an infinite
dimensional space along which the stability constants increased exponentially. A very similar construction that
is easily understood can be found in (31). The authors consider two signals x±µ ∈ L2(R), µ > 0, consisting of
two Gaussian bumps each. More precisely, they use the Gaussian window φ(s) = exp(−πs2) and the signals

x+µ (s) := φ(s−µ)+φ(s+µ), x−µ (s) := φ(s−µ)−φ(s+µ)

depicted in figure 1. It is not hard to see that dL2(R)(x
+
µ ,x
−
µ ) = 23/4 and through some technical calculations one

can establish (see (31)) that there exists a constant c > 0 such that∥∥∣∣Vφ [x+µ ]
∣∣− ∣∣Vφ [x−µ ]

∣∣∥∥
H1(R) ≤ ce−µ2

,

where ‖·‖H1(R) denotes the Sobolev norm. In particular, the stability of the recovery of x±µ from Gabor
measurements degrades at a rate that is (at least) exponential in the size of the time gap squared µ2 and
we say that phase retrieval from continuous Gabor measurements is severely ill-posed. In the discrete case,
one can derive analogous results. In particular, it is true that if we consider a family of window functions
{φL |φ L ∈ CL, L ∈ N} ⊂

⋃
L∈NCL which is exponentially decaying in the sense that there exist L0 ∈ N, c > 0,

µ > 0 such that for all `,L ∈ N with L ≥ L0 and L0 ≤ `+ 1 ≤ L, |φL(`)| ≤ ce−µ`, then the stability constants
(cL)L∈N of the corresponding discrete Gabor phase retrieval problems are (at least) exponentially increasing. We
say that phase retrieval from discrete Gabor measurements is severely ill-conditioned.

3 SEMI-GLOBAL PHASE RECONSTRUCTION
It was noticed by Alaifari, Daubechies, Grohs and Yin (25) in 2018 that all examples that were designed
in the literature to show the severe ill-posedness of phase retrieval in infinite dimensions or the severe ill-
conditionedness of phase retrieval in finite dimensions had one thing in common: The underlying measurements
AΦ[x] = {|(x,φλ )|}λ∈Λ were disconnected in the sense that one could decompose (x,φ·) : Λ→ K, λ 7→ (x,φλ ),
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into a sum of functions Fk : Λ→ K, k = 1, . . . ,K, whose support was essentially disjoint. Examples of this
include the functions x±

λ
∈ L2(R) designed in (31) and pictured in figure 1 which lead to a disconnectedness of

the Gabor transform in time or the digital signal x ∈ CL in which birdsong is superimposed on the bellow of
a bison and whose spectrogram (that is the absolute value of the discrete Gabor transform) is shown in figure
2. This insight led the authors of (25) to suggest that one should try to reconstruct signals up to semi-global
phase and not up to global phase as was common in the literature up to then. In particular, they suggested
that instead of reconstructing (x,φ·) = ∑

K
k=1 Fk (up to global phase) from |∑K

k=1 Fk| = AΦ[x], one should try
to reconstruct ∑

K
k=1 eiαk Fk, with αk ∈ R, k = 1, . . . ,K. Remarkably, this suggestion ties in very nicely with a

physical property of Gabor transform-based time-frequency analysis: The human ear cannot distinguish between
audio signals differing by semi-global phase. For examples of this, the reader is strongly advised to visit (32).
Mathematically, the authors of (25) formulated semi-global phase reconstruction by introducing so-called atoll
functions and were able to prove the following stability result for them1.

Theorem 3.1 (Theorem 1.5 in (25)). Let φ(s) = exp(−πs2), f = ∑
K
k=1 fk ∈ L2(R) and g = ∑

K
k=1 gk ∈ L2(R), with

Vφ [ fk]
∣∣
Brk (zk)

∈
{

F ∈ C 1(Brk(zk))
∣∣δk ≤ |F(z)| ≤ ∆k, |∇|F |(z)| ≤ ∆k, z ∈ Brk(zk)

}
,

where rk,δk,∆k > 0 and zk ∈ C, as well as∫
R2\Brk

∣∣Vφ [ fk](t,ξ )
∣∣2 dt dξ ≤ ε

2
k and

∫
R2\Brk

∣∣Vφ [gk](t,ξ )
∣∣2 dt dξ ≤ ε

2
k ,

where εk > 0, for k = 1, . . . ,K. Then, there exist c0,c1 > 0 such that

inf
α1,...,αK

K

∑
k=1

∥∥∥ fk− eiαk gk

∥∥∥
L2(R)

≤ c0 ·
K

∑
k=1

∆2
k

δ 2
k
· (1+ c1rk)

·
(

1+ c1(rk +1)eπr2
k/2
)
· ‖|VΦ[ f ]|− |VΦ[g]|‖H1(Brk (zk))

+
K

∑
k=1

εk.

The proof of the above result fundamentally depends on the fact that the Gaussian window generates a Gabor
transform with analytic model space (this is due to the intimate relation of the Gabor transform with Gaussian
window and the Bargmann transform which is explained in section 3.4 of (33)). Regrettably, it was shown in
(34) that the Gaussian is the only window function for which the Gabor transform has an analytic model space.
Because of this, it remains unknown whether theorem 3.1 may be extended to more general window functions
φ ∈ L2(R).
It is known, however, that theorem 3.1 may be extended to phase retrieval from discrete Gabor measurements
when one adapts the notion of semi-global phase reconstruction in a suitable (graph theoretic) way (29): Let
x,y ∈ CL be two signals, δ0 > 0 and `0 ∈ {0, . . . ,bL/2c−1}. Define the graph G = (V,E) by

V := {` ∈ {0, . . . ,L−1}||x(`)|, |y(`)|> δ0 } (2)

and placing an edge between two vertices `,`′ ∈V if

1≤
∣∣`− `′

∣∣≤ `0 +1 mod L. (3)

In general, the graph G will consist of K ∈ {1, . . . ,L−1} connected components whose vertex sets can be de-
noted by {Vk}K

k=1. Then, we say that x agrees with y up to semi-global phase if for every connected component
Vk ∈ {Vk}K

k=1, there exists an αk ∈ R such that for all ` ∈Vk,

x(`) = eiαk y(`).
1Theorem 3.1 is displayed in a drastically simplified version here and the reader is invited to consult (25) for the full result and, in particular,

an in-depth explanation of the terminology ’atoll domains’.
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Theorem 3.2 (Theorem 3.5 in (29)). Consider two signals x,y ∈ CL, a window φ ∈ CL, two tolerance parameters
δ0,δ1 > 0 and a maximum time separation parameter `0 ∈ {0, . . . ,bL/2c− 1}. Let G = (V,E) be defined by the
equations (2) as well as (3) and assume that G has K connected components with vertex sets {Vk}K

k=1. Then,

inf
α1,...,αK∈R

K

∑
k=1

∥∥∥x− eiαk y
∥∥∥
`2(Vk)

≤ 1
δ0δ1

·

(
1
2
+

min{‖x‖∞,‖y‖∞}
δ0

·
K

∑
k=1
|Vk|

)
·
∥∥∥∥∣∣∣V d

φ [x]
∣∣∣2− ∣∣∣V d

φ [y]
∣∣∣2∥∥∥∥

F

+
1
δ0
·

(
1
2
+

min{‖x‖∞,‖y‖∞}
δ0

·
K

∑
k=1
|Vk|

)
· ε

holds, where ‖·‖F denotes the Frobenius norm and with ε > 0 satisfying

ε2

2
=

`0+1

∑
m=0

L−1

∑
n=0

|Ad[φ ](m,n)|≤δ1

|Ad[x](m,n)−Ad[y](m,n)|2.

The main weakness of the above statement is that it only allows for the treatment of signals whose discrete
Gabor transform is disconnected in time. A similar theorem may be deduced for signals with frequency gap but
a unifying result in which general time-frequency disconnectedness is treated is not known.
We want to finish this section by remarking that there exists a numerical method (35) for phase retrieval
from Gabor measurements which does signal reconstruction up to semi-global phase as described in (25).
The method, called phase gradient heap integration, relies on the analyticity of the model space of the Ga-
bor transform with Gaussian window and reconstructs phase locally based on a finite difference version of the
Cauchy–Riemann equations.

4 CONCLUSIONS
In this survey paper, we have summarised selected highlights from recent research on Gabor phase retrieval. In
particular, we have covered classical stability results for phase retrieval from frame coefficients, the notion of
semi-global phase reconstruction introduced by Alaifari, Daubechies, Grohs and Yin as well as their stability
result for continuous Gabor phase retrieval with Gaussian window. We want to end this survey by presenting
two interesting open research questions:

1. Can one prove stability of continuous Gabor phase retrieval in the semi-global regime for a window
function φ ∈ L2(R) which is not the Gaussian? The difficulty here is that the approach by Alaifari,
Daubechies, Grohs and Yin breaks down for any non Gaussian window as the Gabor transform fails to
have an analytic model space.

2. Can one prove stability (in the sense that the stability constant does not increase too drastically in the
space dimension) of discrete Gabor phase retrieval in a truly semi-global regime? In particular, what
happens for general time-frequency disconnectedness in the discrete Gabor transform?
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Abstract
It is widely accepted that the phase and magnitude components of redundant time-frequency and time-scale
representations are not independent and carry equally important information. For the short-time Fourier and
wavelet transforms with an appropriate mother wavelet, this dependence can be made explicit in the so-called
phase-magnitude (PM) relations. More explicitly, the PM relations establish a one-to-one mapping from the
gradient of the logarithmic magnitude of the transform to the gradient of its phase. The PM relations for the
short-time Fourier transform were previously studied by Portnoff and later rediscovered by Auger et al. Recently,
we showed that similar relations hold for wavelet transforms as well. In both cases, the PM relations can be
employed to enable signal reconstruction from magnitude-only transform coefficients by combining them with
an adaptive integration scheme. The resulting algorithms often perform on par or better than more expensive,
iterative algorithms for phaseless reconstruction. We demonstrate their application in the audio domain. Based
on joint work with Luis Daniel Abreu, Peter Balazs, Pavel Rajmic and Peter L. Søndergaard
Keywords: audio processing, phaseless reconstruction, time-frequency
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Abstract
A localization algorithm based on head-related transfer functions (HRFTs) is introduced. The algorithm mini-
mizes the Euclidean distance to direction-dependent binaural signal spaces, in order to find an estimator of the
actual sound source position. Numerical experiments with different target sounds (clicks, white noise, speech,
rustling of leaves) and two signal-to-noise ratios (10 dB and 0 dB), where the masker is non-spatialized white
noise, show that this projection algorithm outperforms template matching and the cross-channel algorithm in
nearly all experimental conditions. In particular, the algorithm is robust to changes of the emitted signal’s phase
spectrum, unlike template matching.
For white noise maskers, it is possible to compute SNR dependent estimates for the error probability in the task
of discriminating two directions, based on the associated HRTFs. We present simulations that demonstrate the
precision of the estimates. We show how these probabilities can be employed as a means to mathematically
analyze HRTFs, in particular with the aim of predicting localization performance from the HRTF data set.
Keywords: Sound localization, HRTFs

1 INTRODUCTION
For the localization of sound source positions, humans and animals use various spatial cues contained in the two
sound signals reaching the left and right ear. It is currently assumed that the interaural time difference (ITD),
the interaural level difference (ILD), and high frequency spectral notches are most important among these cues
[1, 2]. All these cues and perhaps even more spatial information can be extracted from head-related impulse
responses (HRIRs) [3], which encode the linear direction dependent acoustic filtering of sounds by the listener’s
outer ears, head, and body. This acoustic filtering models physical phenomena such as interference, reflection,
and diffraction and depends on both the direction of arrival and the listener’s anthropometric parameters. The
frequency domain representation of a HRIR is the head-related transfer function (HRTF), obtained as the Fourier
transform of the HRIR.
In the past decades, HRTFs have been investigated from a variety of perspectives. A topic related to all direc-
tions of research is the mathematical analysis of HRTF data. The present paper is a further contribution to this
research by deepening the theoretical understanding of the acoustic information inherent in head-related transfer
functions. Starting from first principles, a sound localization algorithm based on head-related transfer functions
is developed. Numerical experiments with different target sounds show, that this algorithm performs highly effi-
ciently, also in comparison to other algorithms. We also introduce a theoretical estimate for the error probability
in the task of discriminating two directions. This estimate depends on the signal-to-noise ratio (SNR) of the
emitted signal as well as on the HRTFs associated to the two positions taking part in the discrimination task.
Section 2 introduces a new HRTF based sound localization algorithm. At the beginning of this section we
describe the model of acoustic signal transmission that forms the basis of the considerations throughout this pa-
per. We also introduce the mathematical framework by giving the necessary definitions. Afterwards we present
a mathematical development of the mentioned localization algorithm. The algorithm performs orthogonal pro-
jections of the incoming binaural sound onto HRTF-dependent binaural subspaces and minimizes the Euclidean
distance between these projections and the original sound.
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Section 3 compares the projection algorithm to two other algorithms: The template matching algorithm and the
cross-channel algorithm introduced by MacDonald [5]. First we give an overview of the operating modes of the
two competing algorithms. Then we compare the performances of the three algorithms by conducting numerical
experiments implemented in MATLAB. Two different signal-to-noise ratios (10 dB and 0 dB) and several target
sounds were used in these experiments to simulate various localization scenarios.
In section 4 we consider 2-choice discrimination tasks, where the listener has to decide which of two given
positions is the actual sound source position. If white noise maskers are used in such paradigms, it is possible
to compute an upper bound for the error probability. This bound depends on the HRTFs associated to the two
positions as well as on the SNR of the incoming sound. We show, that this bound can be used to predict the
localization performance of individuals.
The paper’s conclusion in section 5 sums up the main results of our work.

2 A NOVEL HRTF-BASED LOCALIZATION ALGORITHM
In this section we introduce a new algorithm for sound localization, called projection algorithm. Prior to that,
we present the mathematical framework.

2.1 Model assumptions and mathematical basics
The basic problem of sound localization can be formulated as follows: An acoustic signal x is emitted from
direction P. The binaural sound (xl ,xr) arriving at the left ear and the right ear is then described by the
equations

xl = x∗Hl,P + εl , xr = x∗Hr,P + εr .

Here

• Hl,P and Hr,P denote the left and right head-related impulse responses associated to position P,

• the symbol ∗ denotes convolution, and

• εl ,εr is interfering noise that is not related to the emitted signal x.

The task of sound localization consists in estimating P from the pair (xl ,xr), usually without any prior knowl-
edge of the emitted signal, or of the interfering noise.
When we study sound localization as a discrimination task, we ask whether two directions P and Q can be
sufficiently discriminated, for example in the setting of a behavioral experiment. Since our analysis is purely
based on the available physical acoustic information contained in the HRIRs, we do not take into account any
prior knowledge of the emitted signal or the masker. Thus, in view of the above equation, the pertinent question
becomes whether

x∗Hl,P ≈ y∗Hl,Q and x∗Hr,P ≈ y∗Hr,Q

hold with a suitably chosen signal y emitted from Q. If this is the case, it becomes very difficult to decide
whether the signal arrives from P or Q.

For the mathematical modeling we assume that all acoustic objects (signals, HRIRs, noise, etc.) have time do-
main representations of the same length N ∈N and are measured with the same sampling rate S = 1

∆t
. Hence the

space of acoustic signals is given by l2(N)∼= CN with N := {0,1, . . . ,N−1}. The kth entry of each vector cor-
responds to the time k ·∆t . The energy of a signal x is given by its squared Euclidean norm ‖x‖2 = ∑

N−1
k=0 |x(k)|

2

and the (cyclic) convolution of two such signals is given by

(x∗ y)(k) =
N−1

∑
n=0

x(n)y((k−n) mod N), k ∈ N.
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The Fourier transform F converts signals from time domain to frequency domain:

F : l2(N)→ l2(N), F (x)(k) = x̂(k) =
N−1

∑
n=0

x(n)e−2πikn/N , k ∈ N.

Hence all frequency domain representations also have length N. Convolution in time domain corresponds to
multiplication in frequency domain and F conserves energy, at least up to a fixed factor:

(̂x∗ y) = x̂ŷ and N‖x‖2 = ‖x̂‖2.

Here and in the following multiplication and division is componentwise.

2.2 The projection algorithm
As mentioned before the task of sound localization consists in estimating the actual sound source position P0
from the binaural sound

(xl ,xr) = (x∗Hl,P0 + εl , x∗Hr,P0 + εr) ∈ l2(N)× l2(N).

Since we assume that the emitted signal x and the noise (εl ,εr) are unknown, the HRTFs have to be used for
solving this task. We utilize the fact, that in the case of a noise-free signal transmission all signals arriving
from the very same position have the same pattern:

Definition 2.1. Given a position P, the space composed of all binaural sounds arriving from that position P is denoted
by HP, i.e.

HP =
{
(x∗Hl,P,x∗Hr,P) | x ∈ l2(N)

}
=
{
(x̂Ĥl,P, x̂Ĥr,P) | x̂ ∈ l2(N)

}
.

For every position P the set HP is a subspace of the space of all binaural sounds l2(N)× l2(N). In addition, for
a second position Q different from P one expects HQ 6= HP, since the HRTFs associated to the two positions
will not be equal, or in more precisely: the quotients Ĥl,P/Ĥr,P and Ĥl,Q/Ĥr,Q will not be equal. That means in
the noise-free case, the HRTFs describe subspaces of the space of spatialized sounds. For correct localization of
an incoming sound it is then sufficient to determine which of these subspaces contains the sound. Unfortunately
the noisy incoming signal cannot be expect to lie in any of the subspaces HP. However, we can compute the
Euclidean distances between the incoming sound and the different subspaces HP, and minimize of all available
positions P to obtain an estimator of the actual sound source position:

Algorithm 2.2 (Projection algorithm). Input: A binaural sound (xl ,xr) ∈ l2(N)× l2(N).
Output: The estimator Pest of the sound source position P0 given by

Pest = argminP dist((xl ,xr),HP) .

The theorem below shows, that the distance dist((xl ,xr),HP) is computable in an explicit and efficient way.
The overall minimization task is solved subsequently by running a simple loop through all available directions
P.

Theorem 2.3. For a position P the quantity dist((xl ,xr),HP) can be computed explicitly.

Proof. We have to solve
min

xP∈l2(N)

∥∥(xl ,xr)− (xP ∗ Ĥl,P,xP ∗ Ĥr,P)
∥∥2

.

Because of the energy conservation of the Fourier transform, we can solve this in the frequency domain, where
it becomes

min
x̂P∈l2(N)

∥∥(x̂l , x̂r)− (x̂PĤl,P, x̂PĤr,P)
∥∥2

= min
x̂P∈l2(N)

∑
k∈N

∥∥(x̂l(k), x̂r(k))− x̂P(k)(Ĥl,P(k), Ĥr,P(k))
∥∥2

.
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Now the minimization can be done for every term of the sum (i.e. for every frequency) individually. For every
k ∈ N we project the vector (x̂l(k), x̂r(k)) ∈ C2 orthogonal onto the closed subspace

{x̂ · (Ĥl,P(k), Ĥr,P(k)) | x̂ ∈ C} ⊂ C2.

The solution is given by

x̂P(k) =
(x̂l(k)Ĥl,P(k)+ x̂r(k)Ĥr,P(k))
|Ĥl,P(k)|2 + |Ĥr,P(k)|2

for k ∈ N,

where the overline denotes the complex conjugate.

We note that in the noise-free case, directions P and Q can only be confused by the algorithm if there are
signals xP 6= 0 and xQ 6= 0 such that xP emitted from P coincides with xQ emitted from Q. Mathematically, this
can be expressed via the following equivalent conditions:

HP∩HQ ) {0} ⇔ ∃ k ∈ N :
Ĥl,P(k)
Ĥr,P(k)

=
Ĥl,Q(k)
Ĥr,Q(k)

.

Note that the right hand side of the equivalence revals that typical signals leading to nonempty intersections are
tones.

3 PERFORMANCE OF THE PROJECTION ALGORITHM
In this section we compare the performance of the projection algorithm to the performance of two other sound
localization algorithms: Template matching and the cross-channel algorithm. Note that all of these algorithms
require the complete HRIR data set of a listener in order to localize the sound source.

3.1 Template matching
If the emitted signal x is a click, the binaural sound (xl ,xr) arriving at the ears is up to a fixed factor equal
to the HRIRs (Hl,P0 ,Hr,P0) associated to the actual sound source position P0. This observation leads to a simple
localization technique called template matching, which determines which pair of HRIRs (Hl,P,Hr,P) is most
similar to the incoming sound. All correlation-based localization algorithms perform some sort of template
matching. If the HRIRs themselves are used as templates, this investigation can be conveniently performed in
the frequency domain. In general the energy of different HRTF pairs is also different. To ensure that this does
not influence the outcome, all HRTFs were normalized before comparison with the incoming sound. So the
template related to position P is given by

(Tl,P,Tr,P) =
(Ĥl,P, Ĥr,P)√∥∥Ĥl,P
∥∥2

+
∥∥Ĥr,P

∥∥2
.

The real part of a scalar product 〈v,w〉 is an often used measure for the similarity of vectors v and w, which is
also employed by the template matching algorithm.

Algorithm 3.1 (Template matching). Input: A binaural sound (xl ,xr) ∈ l2(N)× l2(N).
Output: The estimator Pest of the sound source position P0 given by

Pest = argmaxP ℜ
(
〈Tl,P, x̂l〉+ 〈Tr,P, x̂r〉

)
.

We are not aware of sources studying sound localization by directly using HRTFs as templates for sound lo-
calization. However, the localization algorithm presented in [4] can be interpreted as as a template matching
algorithm applied to suitably preprocessed binaural signals.
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3.2 The cross-channel algorithm
The cross-channel algorithm was developed by Justin A. MacDonald [5]. This algorithm is based on a simple
yet elegant idea: If a signal x is emitted from position P0 the noise-free sounds arriving at the ears are

xl = x∗Hl,P0 and xr = x∗Hr,P0 ,

respectively. If we now convolve the left sound xl with the right ear HRIR associated to position P0 and the
right sound xr with the left ear HRIR associated to P0, we get equal results, because of the commutativity and
associativity of convolution:

xl ∗Hr,P0 =
(
x∗Hl,P0

)
∗Hr,P0 =

(
x∗Hr,P0

)
∗Hl,P0 = xr ∗Hl,P0 .

For any other position P 6= P0, and general signals x, this cannot be expected:

xl ∗Hr,P =
(
x∗Hl,P0

)
∗Hr,P 6=

(
x∗Hr,P0

)
∗Hl,P = xr ∗Hl,P.

In the presence of noise, the equation xl ∗Hr,P0 = xr ∗Hl,P0 is no longer true. Nevertheless it can be expected
that the correlation between xl ∗Hr,P0 and xr ∗Hl,P0 is larger than the correlation between xl ∗Hr,P and xr ∗Hl,P.

Algorithm 3.2 (Cross-channel algorithm). Input: A binaural sound (xl ,xr) ∈ l2(N)× l2(N).
Output: The estimator Pest of the sound source position P0 given by

Pest = argmaxP r
(
xl ∗Hr,P,xr ∗Hl,P

)
,

where r denotes the Pearson correlation coefficient.

3.3 Comparison
We used a numerical localization experiment implemented in MATLAB (The MathWorks, Natick, MA) to com-
pare the performance of the three algorithms. The spatial binaural sounds (xl ,xr) used as inputs were generated
by convolving a signal x with the HRIRs Hl,P0 and Hr,P0 associated to the simulated sound source position P0.
Afterwards non-spatialized white noise was added to the convolution product, to achieve the desired SNR. We
used publically available HRIRs from the CIPIC database [6]. This database includes 1250 positions whose
azimuth and elevation angles are measured in a head-centered interaural poplar coordinate system. All positions
are located on a sphere with radius 1 m around the listeners head. The inputs (xl ,xr) differed from each other
with respect to

• the source position P0: 35 sound source positions ranging in azimuth from -80 deg to 80 deg in steps of
40 deg (5 values for the azimuth) and in elevation from -45 deg to 225 deg in steps of 45 deg (7 values
for the elevation) take part in the experiment.

• the SNR: 10 dB or 0 dB.

• the emitted signal x: We used 8 different signals, each with a length of 100 ms.

1.) Signal with a phase spectrum equal to 0 and a flat amplitude spectrum over the frequency range
Ωlow = [0 Hz, 4000 Hz].

2.) The same as in 1.), but with a different frequency range Ωhigh = [4000 Hz, 22000 Hz].

3.) The same as in 1.), but with a different frequency range Ωbroad = [0 Hz, 22000 Hz].

4.) The same as in 1.), but with a random phase spectrum.

5.) The same as in 2.), but with a random phase spectrum.

6.) The same as in 3.), but with a random phase spectrum.
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7.) Speech (female voice).

8.) Rustling of leaves.

Each signal was combined with both SNRs and each signal/SNR-combination was emitted 50 times per posi-
tion. The noise was random in each trial, but all algorithms were tested with exactly the same inputs.

As error measure we use the spherical error, which is the absolute value of the angular distance between
the actual sound source position P0 and the estimated position Pest in degrees. We performed the experiment
described above with the HRIR sets of six different subjects. The mean spherical errors presented in table 1
are averaged across subjects and source positions.

Table 1. Mean spherical errors for inputs with a SNR of 10 dB (left) and 0 dB (right)

10 dB 0 dB
Signal Projection Template Matching Cross-channel Projection Template Matching Cross-channel

1.) 0.02 40.56 7.96 3.19 40.69 26.35
2.) 0.02 1.58 2.01 0.51 1.68 11.43
3.) 0.02 0.00 0.32 0.46 0.00 4.62
4.) 0.05 73.15 15.84 8.27 77.31 35.19
5.) 0.01 67.25 1.53 1.45 68.50 13.39
6.) 0.01 66.75 0.31 0.51 67.32 5.42
7.) 1.08 59.71 49.26 18.60 74.95 58.43
8.) 0.01 54.23 20.45 5.34 59.50 45.15

The table shows, that the projection algorithm outperforms the other algorithms in nearly all conditions. The
only exception is signal 3.), which is best estimated by template matching. This is not surprising, since signal
3.) is a click and template matching is designed for such signals. A comparison of signals 1-3.) to signals 4-6.)
emphasizes, that the success of template matching highly depends on the phase spectrum of the emitted signal,
which is not the case for the projection algorithm. Note, that even at a low SNR of 0 dB the mean errors of
the projection algorithm are with one exception (speech) smaller than 10 degrees.

4 ERROR PROBABILITY IN DISCRIMINATION TASKS
In this section we consider 2-choice discrimination tasks, where the listener has to decide whether the signal
arrives from the actual sound source position P or from a second position, which we call Q. Assuming that the
masker is white noise, we can use probability theory to compute an upper bound for the error probability in
such tasks. This bound depends on the positions’ HRTFs and the sound’s SNR.
In this context we need a stochastic rather than a deterministic model: In the frequency domain the binaural
sound (x̂l , x̂r) ∈ l2(N)× l2(N) is given by

x̂l = Ĥl,P · x̂+σ ε̂l and x̂r = Ĥr,P · x̂+σ ε̂r,

where σ ∈ R≥0 and ε̂l = (ε̂l,0, . . . , ε̂l,N−1), ε̂r = (ε̂r,0, . . . , ε̂r,N−1) are random vectors with

ℜ(ε̂l,i),ℑ(ε̂l,i),ℜ(ε̂r,i),ℑ(ε̂r,i)
iid∼ N (0,α2) for all i ∈ N.

This means that the real and imaginary parts of the scalar components of ε̂l and ε̂r are independent and identi-
cally normal distributed with mean 0 and variance α2. We make two assumptions:

‖(Ĥl,Px̂, Ĥr,Px̂)‖2 = 1 and E(‖(ε̂l , ε̂r)‖2) = 1,
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where E denotes the expected value. Because of the second assumption the SNR of the binaural sound is
determined by the scalar σ . Let P(Q|P) denote the error probability, i.e.

P(Q|P) =̂ the probability that the listener chooses Q althoug the signal arrives from P.

Then the following theorem holds true.

Theorem 4.1. Let {u1, . . . ,uN} be an orthonormal basis of H ⊥
Q and {v1, . . . ,vN} an orthonormal basis of H ⊥

P . Then
we have

P(Q|P)≤ UB(P,Q) := min

{
1,

(
1

2N
− 1

2N2

N

∑
i=1

N

∑
j=1
|〈ui,v j〉|2

)(
σ

‖z‖

)4

+
1
N

(
σ

‖z‖

)2
}

with z := ΠH ⊥
Q

((
Ĥl,Px̂, Ĥr,Px̂

))
and ΠH ⊥

Q
denotes the orthogonal projection onto H ⊥

Q .

For P = Q we define UB(P,Q) = 1. To examine whether the quantity UB(P,Q) can be used to predict the
results of localization experiments, we compare UB(P,Q) to the performance of the projection algorithm. Two
examples are shown in figures 1 and 2.
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(b) UB

Figure 1. Comparison between the results of a localization experiment (a) and UB(P0,Q) (b). The sound source
position is P0 = (80,0), the emitted signals are of type 1.), and the SNR is -5 dB.

Part (a) of figure 1 shows the results of a localization experiment implemented in MATLAB. In this experiment
the source position P0 = (80,0) was fixed. The emitted signals were of type 1.) (see section 3.3). The masker
was non-spatialized white noise and the SNR was -5 dB. We performed 200 localization runs with random
noise, respectively. The color map displays the relative frequency with that a position, indicated by x- and
y-axis, was estimated as sound source position by the projection algorithm. Part (b) of the same figure shows
the values of UB(P0,Q) for a fixed P0 = (80,0). Azimuth and elevation of position Q are indicated by the x-
and y-axis, respectively. The value of UB(P0,Q) is indicated by the color. For the calculation of UB(P0,Q) we
used the same SNR (-5 dB) and signal (type 1.)) as in the localization experiment related to part (a), to ensure
that the comparison is valid.
Figure 2 is of the same type as figure 1. Here the sound source position is given by P0 = (0,0) and the signals
are of type 3.). Furthermore the SNR is even smaller, namely -11 dB.
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Figure 2. Comparison between the results of a localization experiment (a) and UB(P0,Q) (b). The sound source
position is P0 = (0,0), the emitted signals are of type 3.), and the SNR is -11 dB.

Clearly, both figures show pairs of very similar plots. This can also be confirmed quantitatively: The correlation
coefficients between the maps in figure 1 and 2 are given by 0.92 and 0.91, respectively. Nevertheless, the
algorithm performs a little better than predicted by UB. For example, the uncertainty in elevation shown in part
(b) of figure 2 is less pronounced in part (a) of the same figure. That was to be expected, since UB is an upper
bound for the error probability.

5 CONCLUSIONS
The main purpose of the present paper is the introduction of a new HRTF based sound localization algorithm.
The presented results stress that this algorithm exhibits a strong performance in comparison to established algo-
rithms, especially at low signal-to-noise ratios. Furthermore a stochastic method for the estimation of the error
probability in discrimination tasks is presented. Initial experiments suggest that this method provides a valid
means for the prediction of localization performance.
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ABSTRACT 
Modern bony fishes (Teleostei), which comprise almost one-half of all extant vertebrate species, show a 
remarkable diversity in ear morphology, including otolith shape. Fish bioacousticians are still puzzling over 
the question of why solid calcareous otoliths with species-specific shapes evolved, whereas most 
“non-teleost” vertebrates possess numerous tiny otoconia. This question is linked to when and how often a 
switch from loosely aggregated material towards a solid structure—and from apatite to calcium 
carbonate—occurred during the vertebrate radiation and whether those character shifts are related to altered 
hearing. In a recent study, we constructed a hypothetical framework for otolith evolution by compiling the 
available information on the structure of otoliths and otoconia in > 160 species covering all major vertebrate 
groups. We concluded that solid teleost otoliths may have initially evolved as a selectively neutral by-product 
of other key innovations, and that the teleost-specific genome duplication event may have facilitated their 
subsequent diversification. Differences in otolith mass and shape might have enabled the perception of 
different ranges of acoustic information and may have evolved during the diversification of auditory abilities. 
In some teleost groups, otolith morphology may have co-evolved with ancillary hearing structures, especially 
if ears are closely connected to a gas bladder. 
 
Keywords: otolith, otoconia, aragonite, hearing, teleost-specific genome duplication event 

1. Hypothetical framework 
Fossil and extant species of modern bony fishes (Teleostei) show a remarkable diversity of otolith 

morphology (regarding size and shape) in their inner ears (e.g. (1, 2)). Sciaenids (drums or croakers), 
for example, possess large saccular otoliths that are often characterized by pronounced humps and 
protuberances whereas all otophysans, such as zebrafish, goldfish and catfishes, display a thin and 
needle-shaped saccular otolith (2). In most other vertebrates, the sensory epithelia of the otolith end 
organs, namely the utricle, saccule and—if present—the lagena, are overlain by numerous loosely 
attached tiny otoconia (3). The questions arise of why solid calcareous otoliths with species-specific 
shapes evolved in teleost fishes and if this shape-diversity is correlated with (improved) hearing across 
species. Based on a recent compilation on data related to the morphology, number, and mineralized 
material of the inertial masses in vertebrate inner ears (3), we provide a brief overview of hypotheses 
on the origin of teleost otoliths (Fig. 1). Initially, solid otoliths may have been a by-product of 
differences in biomineralization processes (see the evolution of cycloid scales, (4)) or of the 
emergence of other key innovations in teleost fishes. Hence, the initial emergence of solid otoliths in 
teleosts may have been selectively neutral, or solid otoliths with rather simple shapes might have 
provided a slightly positive selective advantage. They may have improved the detection of linear 
accelerations and sound stimuli and were thus retained and even diversified during the subsequent 
radiation of teleosts. Species-specific otolith shapes may have evolved later, closely correlated to 
different auditory demands and abilities in different species together with the diversification of swim 
bladder morphology during the radiation of teleosts. Studies on the formation of otoliths and the swim 
bladder walls during early larval development in zebrafish found genes like Sparc and Starmaker to 
                                                        
1 schulz-mirbach@biologie.uni-muenchen.de 
2 mplath-zoology@gmx.de 
3 friedrich.ladich@univie.ac.at 
4 hess@bio.lmu.de 
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play crucial roles during the development of both otoliths and the swim bladder (5, 6). In addition, in 
vocal fish taxa, otolith morphology may also have co-evolved with acoustic communication because 
larger otoliths were found in taxa producing sounds compared to closely related non-vocal taxa (7). In 
addition, the emergence of solid otoliths might have been as well favoured due to a better surface 
area-to-volume ratio in a solid inertial mass compared to a (loose) aggregate of numerous otoconia. 
Due to this improved surface area-to-volume ratio the biomineralization of otoliths might be more 
“efficient” by saving energy, i.e. less organic matrix might need to be produced overall than in the case 
of an otoconial mass. 

 

 
Figure 1 – Overview of the characteristics of inertial masses found in vertebrate inner ears (for 

details see (3)). Fossil taxa are indicated in red. L. = Lower, U. = Upper.  
 
All non-tetrapod vertebrates and some aquatic anuran larvae (3) display a trend towards a compact, 

inertial mass overlying the sensory epithelium in the form of amorphous microotoliths 
(Petromyzontida) or “composite otoliths” (Sarcopterygii, some chondrichthyan species). “Composite 
otoliths” are formed by fused otoconia (8, 9) whereas “true otoliths”, as found in actinopterygians, 
especially teleosts, are formed by daily accreted layers of organic and inorganic material (10). Gauldie 
(11) proposed that solid otoliths may have been initially formed by a fusion of otoconia. Comparisons 
of otoconial masses dissected from fresh and formalin-fixed ears of lungfishes and lizards, however, 
indicated that otoconia are rather loosely attached in fresh material whereas compact otolith-like 
structures were only found in animals stored in fixative (12). Especially in lungfishes and cartilaginous 
fishes, a (re-)examination of these otoconial masses is needed to evaluate their rigidity and the degree 
of species-specificity of their shapes and to characterize their motion patterns relative to the 
underlying sensory epithelium. 

The fossil record (13) as well as crystallographic studies on extant otoliths and otoconia (14, 15) 
indicated that calcareous otoliths may represent the ancestral otolith type of gnathostome fishes (13) 
and that three pairs of solid otoliths may have already been present in the ancestor of bony fishes  
(Teleostomi sensu (16)). The latter assumption might be supported by fossil Acanthodii , in which three 
different otolith types might have already been present. The fossil record of teleosts (including 
specimens with their otoliths in situ) further suggests that the overall shape of saccular otoliths was 
mainly oval with a straight sulcus in Early Jurassic taxa, followed by radiations and diversification of 

3388



 

 

otolith shapes in the Late Cretaceous and Paleogene (17). The fossil record provides important 
information on otolith evolution; however, limitations with respect to incompleteness, 
misinterpretations, and material re-crystallization—when the preserved material found in otoliths or 
otolith-like structures does not represent the initial condition, which may even affect the overall 
morphology of the otolith—have to be considered. Rather loosely attached otoconia are more prone to 
disintegration during taphonomic and diagenetic processes than solid otoliths. Thus, the likelihood to 
find fossil specimens with otoconial masses in situ is extremely low. As a consequence, it remains 
unknown what the diversity in otoconial masses or “composite otoliths” may have looked like in 
extinct cartilaginous and bony fishes, or in basal (Cambrian) vertebrates. Even though solid otoliths of 
fossil taxa have a greater likelihood to be found in situ, the fossil record can be incomplete because not 
all otolith types of the left and right inner ear were preserved (18). It is difficult to interpret findings of 
only one otolith or otolith pair in basic actinopterygians (19) or extinct sarcopterygians (20) and to 
draw conclusions regarding the evolution of otolith numbers. In taxa that possess—or are assumed to 
possess—open endolymphatic ducts (such as cartilaginous fishes) and show poor preservation, while 
the fossil “otoliths” lack characteristic features, the remains may simply represent post-mortem 
sedimentary infillings. These infillings may indeed have been misinterpreted as fossil otoliths in situ 
(21). The unambiguous identification of the original biominerals is another issue when examining 
fossil specimens. The otolith-like structures detected in a Carboniferous lamprey appear to be made up 
by apatite (22), which may support the idea that both fossil and extant Petromyzontida possess apatite 
inertial masses in their ears. However, fossil hard tissue is prone to re-crystallization due to diagenetic 
effects (23), which becomes a more severe problem the older the fossils are. To overcome these 
limitations and to formulate hypotheses on otolith evolution, one needs to include a genetic (i.e., 
“EvoDevo”) perspective so as to identify 1) genes/gene families that play important roles in otoconia 
and otolith formation and 2) which genes might be differentially expressed in teleost or 
actinopterygian inner ears during the initial stages of otolith mineralization as well as during later 
increment formation. 

2. What may have triggered the evolution of solid otoliths? 

2.1 The potential role of whole genome duplication events 
The high evolvability of otolith size and shape may be related to the teleost-specific whole genome 

duplication event (TGD, (24)), or even the preceding vertebrate-specific whole genome duplication 
event(s) (25). Both genome duplications events provided the basis for a sub- or neo-functionalization 
of duplicated genes (26), probably including genes related to ear and otolith formation. Especially the 
TGD may have paved the way—in the sense of a genomic exaptation (27)—for the evolution of 
taxon-specific otolith shapes.  

Claudin genes may represent one example for the importance of gene/genome duplications in the 
context of ear evolution. Some of these genes encode proteins that are assumed to reduce the 
paracellular membrane permeability to water and dissolved ions (28). Teleost-specific claudins, such 
as claudin 8-like (claudin j, (29)) and claudin 7a ((28); but termed claudin 7b in (30)) are indispensable 
during the early formation of the ear and otoliths. Mutations in claudin 8-like and claudin 7a result in 
smaller or no otoliths (29, 30). While both claudin 7a and claudin 7b are expressed in several organs in 
zebrafish, such as the kidney, spleen, and testes, only claudin 7a is also expressed in the brain and the 
eyes. It appears as if the teleost-specific duplication of claudin 7 into claudin 7a and 7b enabled a 
subsequent sub-functionalization of the duplicated gene (28). 

Following the TGD, otolith diversification was likely driven by different forms of natural selection 
arising from the variety of habitat types that teleost fishes were able to co lonize (31), whereby some 
habitats types may be imposed specific selection on improved hearing. Examples of different 
(eco-acoustical) environmental conditions imposing different selection on hearing capacities are, for 
instance, the “cut-off frequency phenomenon” observed in shallow waters (e.g. 0.4-2 kHz at a total 
water depth of 1 m (32)). Moreover, noisy versus quiet habitats (eco-acoustical constraints hypothesis 
(33)) have been hypothesized to select for an improved ability to detect higher frequencies in shallow 
waters—as found in otophysans, such as goldfish or carp—and have triggered higher auditory 
sensitivities in quiet water bodies (31). Extreme habitats, such as the deep-sea, can be characterized by 
high water pressure, which may hamper efficient sound pressure transmission to the ears through the 
gas-filled swim bladder, while permanent darkness renders non-visual senses (including hearing) more 
important, for example, for navigation and communication (34). 
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2.2 Are solid otoliths related to improved hearing and/or acoustic communication? 
The “vestibular first hypothesis” (35) assumes that the vestibular sense evolved during early stages 

of vertebrate evolution, followed by the evolution of the auditory sense. Otoconia are already found in 
the basal bauplan of vertebrates and probably evolved first, mainly in the form of loose aggregates, 
even though lampreys (Petromyzontida) already show a trend toward more solid inertial masses (36). 
Hence, otoconia and “composite otoliths” may initially have served for gravity perception, similar to 
the statoconia and statoliths found in many invertebrates (37). More elaborate auditory abilities 
probably required derived morphological structures such as 1) tympana, audi tory ossicles, and 
tectorial membranes in tetrapods (38) or 2) gas-filled bladders in close proximity (or connected) to the 
ears (which function similar to tympana), along with solid otoliths, displaying species-specific shapes 
in teleosts (39). In this way, solid otoliths with daily growth patterns instead of numerous loosely 
aggregated otoconia or “composite otoliths” may have enabled the evolution of improved hearing 
abilities in teleosts (40). Sound detection might be improved by teleost otoliths compared to otoconia 
because otoliths represent rigid bodies with a specific shape which are likely to result in mass- and 
shape-specific motion patterns (11, 39, 41). “Composite otoliths” either lack a uniform shape and/or 
may not be rigid enough to efficiently transduce frequency-specific movement patterns to the sensory 
epithelia (11, 40). Otoliths may vibrate at—and, therefore, enable perception of—higher frequencies 
up to several kHz (41). It seems that frequencies above approx. 1 kHz cannot be perceived by fishes 
possessing otoconia and/or “composite otoliths” (e.g. sharks and rays, see (42)). This idea receives 
support from the observation that teleost species possessing ancillary auditory structures and enhanced 
audition usually also display strongly divergent otolith shapes. These include te trahedral utricular 
otoliths in clupeiform fishes (43) or the needle-shaped saccular and star-like lagenar otoliths in 
otophysans (2). In addition, mathematical modelling (41) and recent experimental studies using 
synchrotron radiation-based imaging ((44), unpublished data) suggest that otolith motion patterns 
strongly depend on otolith shape and the type of ancillary auditory structures  (i.e. a Weberian 
apparatus in otophysans versus anterior swim bladder extensions contacting the inner ears  in other 
groups). 

Although enhanced hearing in teleosts was probably not triggered by the ability to communicate 
acoustically (45), otolith morphology may have co-evolved with acoustic communication in vocal fish 
taxa. Otolith size might also be evolving under constraints imposed by sound production: vocal species, 
such as Nezumia aequalis (Macrouridae), appear to display larger and heavier (saccular) otoliths than 
non-vocal species like Nezumia parini (46). Heavier otoliths may avoid over-stimulation of the ears 
when the fish produces sound using, for example, its swim bladder (47). 

3. Is the “choice” of biominerals related to otolith/otoconia function? 
A better understanding of the evolution of solid, mainly aragonitic otoliths is also linked to the 

question of why different types of biominerals occur in vertebrate inertial masses. Differences in the 
mineralized material may be related to the function of the inertial mass in inner ear physiology and/or 
to metabolic and biomineralization processes. 

3.1 Apatite versus calcium carbonate 
A comparison of the chemical composition of otoconia and otoliths indicates a switch from apatite 

in cyclostomes (hagfishes and lampreys) to calcium carbonate in gnathostomes (14, 15). The 
apatite-to-calcium carbonate switch may be related to improved inner ear function. However, apatite 
has a higher density (e.g. hydroxyapatite: 3.16 g cm-3, (48)) than aragonite (2.93 g cm-3, (10)) which 
would mean a greater inertial mass per given otolith size and thus may result in improved sensitivity to 
low frequency sounds (cf. (14)). From this viewpoint, an inertial mass consisting of apatite should 
have been favoured over calcareous otoconia or otoliths in aquatic habitats. Alternatively, using 
apatite for the formation of bones and teeth but calcium carbonate in the inertial masses of the ears may 
have been advantageous as it allows decoupling the homeostatic control of the mineralization of 
skeletal biominerals from those in the ears (49). In the ears of bony fishes, the ionic composition of the 
endolymphatic fluid is more strictly regulated than that of the blood plasma (50) and decoupling of 
somatic and otolith growth rates is partly possible (51). Under stressful conditions like starvation (52) 
this decoupling may allow for the maintenance of continuous otolith growth—and thus, proper ear 
functioning—even when somatic growth rates are reduced or come to a halt, which may be important 
if the sensory epithelium also continues to grow (53).  
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In contrast to earlier findings of purely calcareous endogenous otoconia/“composite otoliths” in 
cartilaginous fishes (54), some species seem to possess apatitic inertial masses (55). If this holds true, 
two hypotheses can be formulated that should be tested in future studies. 1) Calcareous inertial masses 
evolved at least twice in parallel, i.e. in bony fishes (Osteichthyes) and in some cartilaginous fishes. 2) 
Some cartilaginous species secondarily developed apatitic otoconia/“composite otoliths”. 

3.2 Aragonite versus calcite 
The switch from a predominance of aragonitic otoliths and otoconia in “fishes” to calcitic otoconia 

in birds and mammals may be related to the functional role of an aragonitic inertial mass in the inner 
ear. In aquatic habitats, the greater density of aragonite compared to calcite may be advantageous if the 
inertial mass acts as an accelerometer (36). Moreover, certain features related to the growth of 
aragonite, namely aragonite twinning, have been hypothesized to be more suitable for the formation of 
solid otoliths, as it may facilitate a daily incremental growth pattern and ultimately, taxon-specific 
otolith shapes (56). The mode of thermoregulation may play an additional role because inertial masses 
made up by aragonite and, in part, vaterite are found in poikilothermic vertebrates, whereas only 
calcitic inertial masses are present in homoeothermic vertebrates (14). Note, however, that calcitic 
otoconia also occur in cartilaginous fishes (14, 54), but these otoconia show a cuboidal crystal habit, 
which is distinctly different from the barrel-shaped (cylindrical) calcitic otoconia found in tetrapods. 
As some squamates possess both aragonitic and calcitic otoconia (3), it is unlikely that the mode of 
thermoregulation is the only factor accounting for the predominance of calcite in mammals and birds 
(12). The transition from an aquatic to a terrestrial lifestyle may have been another important driver of 
this material switch. Support for this assumption may come from studies on different genes and gene 
products involved in otoconia and otolith formation. Even though similar molecular mechanisms are 
involved in the formation of mouse otoconia and zebrafish otoliths and despite the fact that both 
possess homologues in their organic matrix like Sparc and Otoconin-90 (Oc90, (57)), eight genes 
involved in ear development were lost in tetrapods when compared to Latimeria and zebrafish (58). 
One of those genes is otolith matrix protein 1 precursor (otomp). The corresponding otolith matrix 
protein 1 (OMP-1) is part of the organic matrix of zebrafish otoliths but not of the matrix of 
mammalian otoconia (57) and might determine the mineralized calcium carbonate polymorph ( i.e. 
aragonite). Likewise, Starmaker (Stm) is part of the zebrafish otolith matrix but is not found in mouse 
otoconia (57). Stm was shown to be essential for the normal development of spherical to hemispherical 
aragonitic otoliths, while silencing gene expression results in star-like, calcitic otoliths (59). An 
experimental study on aragonite biomineralization focussed on the potential roles of other matrix 
proteins, namely OMM-64 and otolin-1, and hypothesized that either the entire protein aggregate of 
the otolith matrix induces aragonite mineralization or that the studied aggregate contained an aragonite 
inducer other than OMM-64 or otolin-1 (60). Hence, OMP-1 and/or Stm might be potential candidates 
that act (alone or in concert) as inducers of aragonite mineralization and were lost in tetrapods either 
due to genetic drift or selection related to the transition from an aquatic to a terrestrial lifestyle 
(OMP-1, (58)): OMP-1 binds calcium and is important for the recruitment of other proteins into the 
otolith matrix (61), whereas Starmaker represents a so-called “intrinsically disordered” protein which 
potentially interacts with multiple other proteins (62). 

4. CONCLUSIONS 
Solid teleost otoliths and especially the diversity in otolith shapes seems to be correlated with the 

diversification of hearing abilities. Solid, continuously growing otoliths with species-specific shapes 
might have enabled the perception of different ranges of acoustic information in diverse habitats, such 
as shallow versus deep or quiet versus noisy waters. However, this diversity might also have arisen as 
adaptations to specific demands of the vestibular sense and the ability to manoeuver, or as a by-product 
of other evolutionary adaptations. The teleost-specific whole genome duplication event might have 
provided a genomic “toolbox” for the evolutionary diversification of otolith size and shape, as it 
allows sub- or neo-functionalization of duplicated genes.  
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ABSTRACT 
The vibration field along a railway line was measured and modeled to predict its impact on a future real estate 
project. Indeed, vibration levels due to rolling stocks evaluated near the tracks are usually evaluated on the 
vertical axis and at one or a few positions, supposed to be representative of the entire vibration field around 
the tracks. When the project size is rather extended along the tracks, this assumption might be incorrect, 
especially if the project site is located near a train station, where stresses in the tracks can be very different 
depending on the direction of the train due to acceleration or deceleration. This paper presents vibration 
measurements performed in the different directions before buildings construction along the tracks. 
Furthermore, the attenuation of ground vibration as a function of distance from track is used to evaluate the 
loss factor in the ground based on a comparison with a 2.5D BEM model of the ground including the different 
layers. The model is then used to identify equivalent forces in the different directions associated to train 
passage to obtain similar vibration transmission behavior in the ground. The mitigation measures to limit low 
frequencies noise and vibration immission in buildings are discussed in a companion paper. 
 
Keywords: Low frequency, Ground-borne noise, Railways 

1. INTRODUCTION 
In densely populated areas, the rarefication of land leads to the construction of buildings very close 

to railway tracks. Alternatively, the construction of new lines will impact existing buildings. In both 
cases, vibration and noise levels in offices, shopping malls or lodgings might be severely impacted by 
the proximity of passing trains and mitigation measures effective at low frequencies must be found. 
The situation reported in this paper is that of an existing embanked railway line 20 km East of Paris, 
where buildings are envisaged to be constructed right above the embankment and close to a station. 
Consequently, as the tracks cannot be modified the mitigation measures must be taken if necessary on 
the receiver side, i.e. the buildings and/or the environment between the buildings and the tracks. In 
order to tackle this problem, the approach employed mixes in-situ measurements prior to the 
construction and numerical calculations to evaluate various scenarios encompassed. The experimental 
phase of the project is presented in this paper. Ground vibration levels attenuation with distance from 
the tracks is first used to tune the soil properties. Then by correlating measurements and numerical 
estimations, equivalent force spectra of passing trains both in the vertical and tangent directions to the 
rails are estimated at different locations along the railway. Based on these estimated data, a companion 
paper (1) presents the computational model used to evaluate different scenarios in order to reduce low 
frequencies vibration levels and ground-borne noise levels in the future buildings, as well as the 
performance of the considered mitigations measures.  Note that a more detailed discussion on the 
measurements is proposed in (2). 
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2. SITE AND FUTURE BUILDINGS 

2.1 Description 
The site which is 180m long is located on both sides of the RER A line, near a train station (140m 

to the west). As seen in Figure 1 (left), both sides of the railway are occupied: the south side holds a 
parking lot and the north side is overgrown by natural vegetation. The trains on the north side (track 1) 
are accelerating and they are going away from Paris. Trains on the south line (track 2) are slowly 
decelerating and going toward Paris. The train speed along the site is between 60 and 70 km/h. Figure 
2 depicts the railway tracks from and to Paris. Three sections along the site (see Figures 1 and 2) were 
considered since the train speed was not constant over the length of the site. Section 1 is the closest to 
the train station while Section 3 is the farthest away; the three sections were selected with respect to 
the envisioned buildings arrangement at the time of the measurements .   

The project wants to build housing and services activities buildings with two parking levels and 
different areas from 4 to 9 floors levels. These buildings would be located at 12m from the existing 
track. 

 
Figure 1 – Site overview (© IGN – 2019) and an example of one of the envisioned real estate programs 

(Contractor : CoBe, Tolila + Gilliland, Franck Boutté – Client : Linkcity). 

 
Figure 2 – Measurement site description. Three sections on both sides of the track. 

2.2 Rolling-stock and track 
The track is circulated only by double decked, coupled trains (224m long) very similar in terms of 

vibration emission (MI09 (more than 80%) and MI2N). The track is a ballasted track, with bi -block 
sleepers and a UIC-60 rail profile. The rail surface of both tracks was grinded four months before 
measurements. The track follows a very light curve (radius 1500m) in a cutting. 

No detailed measurements of the track quality such as roughness or dynamics at low frequencies 
were performed. Therefore, the purpose of the measurement was to evaluate an average behavior of the 
ground during train pass-by in order to deduce propagation behavior as well as equivalent excitation 
forces representing the train pass-by. 

North
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3. MEASUREMENTS 

3.1 Description 
Two series of measurements were carried out. The first series concerned Section 3 North side only 

and measurements at different distances from the tracks. The second series concerned all three sections 
on both sides of the tracks (North and South sides): vibration levels were monitored in the three 
directions (vertical, parallel and perpendicular to the track). One track is excited by trains in 
acceleration (north) and the other by decelerating trains (south). The accelerometer signals were 
analyzed over the pass-by duration in one-third octave bands between 8 and 315 or 500 Hz; a 7 Hz 
high-pass filter was applied on the measured signals. 

Measurements were performed using steel spikes (50 or 60 cm long with T or X cross sections) to 
mount accelerometers. Accelerometers were firmly screwed on top and on the sides of the spikes.  

For the first measurement series, two sets of data were captured. The first set concerns 4 
accelerometers measuring vertical vibrational velocity and placed at 6 m away from each other; the 
first (reference position) being at a distance from the closest track of about 12 m. A second set of 
measurements concerned vibrational velocity measurements in three directions (vertical, parallel and 
perpendicular to the tracks) at two positions (reference point and 12 m away in the direction 
perpendicular to the track). Vibration levels are averaged over 12 to 14 pass-by depending on the track. 
All the measurements were performed the same mid-afternoon to early evening.  

For the second measurement series, vibration levels are averaged over at least 19 pass-by on each 
track. The measurements were carried out over two days; velocity levels on each section are evaluated 
during the same period of the day, one day apart for the north and the south (Section 1: late morning; 
Section 2: beginning of the afternoon; Section 3: mid-afternoon). The trains load might therefore not 
be responsible for the differences between the two railway sides observed in the results presented 
below. The recorded vibration levels for the two types of train circulating on the railway were indeed 
found very similar and therefore no distinction is made between the train types in  the results. 

It should also be mentioned that both measurements series were performed around the limit of the 
railway domain; however, for the first measurements series, the location is outside of the limit of the 
railway domain, while for the second series inside at the limit of the railway domain. Furthermore, the 
two series were performed 2 months apart, the first one in summer the second one in the fall.  

3.2 Results 
3.2.1 Measurements series 1 

Figure 3 presents the average vertical vibration level spectra at different positions away from the 
track (in Section 3 North side) for each train circulation direction (the scale is the same on both graphs). 
In general, as the distance increases the vertical vibration level decreases especially above the 
one-third octave band 31.5 Hz. For the trains going away from Paris, there is little difference between 
the reference point and the one 6 m away in the frequency range 40-80 Hz. For the trains going toward 
Paris, there is little difference between the reference point and the one 6 m away at the one-third octave 
bands of 63 and 80 Hz. This could be associated to the ground inclination between these two positions.  

It is surprising that the vibration velocity level at 40 Hz is higher at the reference point for the trains 
going towards Paris than the trains going away from Paris since the corresponding track is farther away 
(the standard deviation for that one-third octave band is less than 1 dB for both directions). However, 
this effect was not observed during the second measurements series (see 3.2.2). 

The second set of measurements in that first series concerned ground vibration measurements in the 
vertical direction, as well as in the parallel and perpendicular direction with respect to the tracks. 
These measurements (not shown here) were still carried out on the North side in Section 3. Some of the 
recorded vibration levels are presented in Figure 4 and discussed below. 
3.2.2 Measurements series 2 

Figure 4 presents a comparison between the measurements performed in both measurements series 
on the north side of Section 3. It should be recalled that the measurement positions between both series 
are not identical: they are located on each side of the railway domain limit, separated by a distance 
evaluated to be less than 2m. Differences between the two measurements series can be clearly 
observed. They are smaller for levels in the vertical direction than for the other two directions (parallel 
and perpendicular to the track). Indeed, for the parallel direction, the difference in the frequency 
average velocity level is about 10 dB for trains travelling either towards or away from Paris.  This is 
probably due to the difficulty in evaluating vibration levels in directions other than the vertical one  
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(2-3). It could also be related to the different ground conditions at the time of measurements (much 
drier in the summer than in the fall), and to the different daytime hours during which the measurements 
were performed. Furthermore, the fact that trains are either accelerating or decelerating, could also 
induce that vibration levels in the direction perpendicular and parallel to the track are higher than those 
in the vertical direction. 

 
Figure 3 – Average vertical vibration levels in one-third octave band; all graphs are given with the same 

scale.; Direction (a) away from Paris and (b) towards Paris. 

 
Figure 4 – Average vibration levels in Section 3 North side; all graphs are given with the same scale; 

Direction (a) away from Paris and (b) towards Paris. 
 

The results for Sections 1 and 3, and for all directions are given on Figure 5. First, it should be 
pointed out that, for each point the velocity levels are very reproducible. For clarity reason standard 
deviations are not displayed on the graphs but their range in terms of global value is from 0.2 to 1.8dB, 
i.e. rather small. Figure 5 shows that the velocity levels are in coherence with the velocity of the trains 
along the test site. The train station is located at 170 m away from Section 1. The velocity of the train 
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is then quite low for this section. When the train is getting away from the station (direction away from 
Paris), its velocity increases, and the velocity levels rise. The measurements show greater levels 
(around 5 dB for the averaged global level) for lateral axis. Comparing north and south measurement 
shows that shorter distance to the track implies greater velocity levels. 

 
Figure 5 – Average pass-by vibration velocity level spectra; Section 1 (a) and (b); Section 3 (c) and (d); Train 

going away from Paris (a) and (c); Train towards Paris (b) and (d). 

4. ANALYSIS 
The prediction results have been obtained using CSTB developed 2.5D BEM/FEM software 

MEFISSTO (4-5) which assumes a 2D description of the geometry while accounting for 3D aspects of 
both excitation and wave propagation. From geochemical analysis a model of the ground layer was 
selected and the characteristics of the ground layers (see (1)) deduced from CSTB database.  

4.1 Attenuation with distance 
Damping coefficient (hysteretic type) was adapted in order to match the attenuation trends of the 

measured vibration levels from the first measurement series. Figure 6 presents a comparison of the 
attenuation at 12 m from the reference point obtained from the prediction model and the measurements, 
based on the vertical velocity levels. It can be seen that a damping coefficient of 8% for all the ground 
layers provides an acceptable evaluation of the measured behavior. Figure 7 presents the attenuation 
obtained at the different distances from the reference point when a damping coeff icient of 8% for all 
the ground layers is used. The comparison between measurement and prediction appears satisfactory 
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especially for the 6 and 12 m distances; for the longer distance (18 m) the attenuation is 
under-evaluated by the prediction compared to the measurement (note that above the one-third octave 
band 125 Hz the measurement captured at 18 m from the reference point shows an increase in vibration 
level as seen in Figure 3 reducing the obtained attenuation in this frequency range).  

It should be noticed that predicted attenuation of the vibration velocity levels in the three different 
directions (vertical, parallel and perpendicular to the tracks) was also compared with measurements. 
Choosing a damping coefficient of 8% for all ground layers was again found acceptable. 

 
Figure 6 – Attenuation at 12 m with respect to the reference point for different damping coefficients;  

Direction (a) away from Paris and (b) towards Paris 

 
Figure 7 – Attenuation with distance from the reference point;  

Direction (a) away from Paris and (b) towards Paris. 

4.2 Equivalent excitation forces 
In order to evaluate the impact of ground vibration on buildings it is necessary to obtain equivalent 

forces representing the train passage to inject in the model. This allows to assess floors vibration levels 
and ground-borne noise levels in the different buildings considered and compared these levels to 
selected targets (these targets should be chosen to allow a certain level of comfort in the buildings).

At first as it is generally the case, a vertical equivalent force spectrum for the train passage was 
evaluated in order to match with the prediction tool the measured velocity levels in the different three 
sections considered. An example of the obtained results in terms of vibration velocity levels is shown 
in Figure 8 for site Section 1 and for the train circulating towards Paris.  It can be seen that if the 
vertical velocity levels are well evaluated the velocity levels in the directions perpendicular and 
parallel to the track are underestimated, especially in the parallel direction (about 10 dB in global 
level). 
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Figure 8 – Vibration velocity level associated to train passage towards Paris for an equivalent vertical force 

only; graphs are given with the same scale; Section 1 (a) North side and (b) South side. 

Therefore, it was decided to use an equivalent force in both directions vertical and parallel to the 
tracks; these equivalent forces represent a least square solution. Figure 9 presents the obtained results 
for site Section 1 and for the train circulating towards Paris. This time, it can be seen that the velocity 
levels are well evaluated in the three different directions; in global level a difference of 3 dB at the 
most is obtained between prediction and measurement. The equivalent forces in both directions 
vertical and parallel to the tracks for the different sections along the sites are shown in Figure 10. It can 
be noticed that globally the vertical equivalent force is slightly lower that the equivalent force in the 
parallel direction. Furthermore, the equivalent forces are globally slightly higher for the train going 
towards Paris (decelerating trains). 

 
Figure 9 – Velocity level associated to train passage towards Paris for equivalent forces in directions vertical 

and parallel to tracks; graphs are given with the same scale; Section 1 (a) North side and (b) South side. 
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Figure 10 – Equivalent forces; graphs are given with the same scale;  

(a) Vertical direction and (b) Parallel to tracks direction. 

5. CONCLUSIONS 
The construction of buildings close to railway lines may lead to high vibration and acoustic levels 

if no mitigation measure is taken. Measurements and prediction results have been presented in order to 
assess the situation prior to the construction of the buildings project. Since the train speed is not 
constant over the entire construction site several zones of the site were investigated.  

Measurements at different distances from the tracks were used to evaluate damping coefficient in 
the different ground layers. Then equivalent forces representing the train passage at the different 
considered zones along the site were deduced for each track; it was shown that considering equivalent 
forces in the vertical direction, as it is often the case, was not sufficient to represent  the measured 
vibration levels in the different directions (vertical, parallel and perpendicular to the tracks). 
Equivalent forces in the vertical and parallel to the track directions had to be applied; this is believed 
to be due to the fact that the trains were either accelerating or decelerating since they were either 
leaving or approaching the station. However, it should be emphasized that measurements in the 
directions other than the vertical direction are difficult due to coupling between accelerometer s 
mounting system and ground. Based on these results, different mitigation measures were investigated 
to limit low frequencies annoyance for future buildings occupants due to train vibration emission (1).  
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Reducing ground borne noise due to railways.  

Part II : mitigation measures 

Philippe Jean, Catherine Guigou-Carter and Alexandre Jolibois 
 CSTB 24 rue Joseph Fourier, 38400 Saint Martin-d’Hères FRANCE 

ABSTRACT 
The construction of new buildings very close to existing tracks with heavy commuting traffic requires 
careful design. Such projects must be accompanied with noise and vibration reduction measures. The 
practical case here considered has been analysed by first assessing the existing situation prior to 
construction (type of soil and traffic: results exposed in a companion paper). Here we focus on the 
mitigation measures which have been tested and the expected corresponding vibration and ground-borne 
noise levels inside the buildings. A 2.5D FEM/BEM commercial software (Mefissto), developed by CSTB, 
has been employed in what is a very challenging numerical context: multi-layered ground, large 
multi-levels buildings, large frequency range (10-200 Hz). In every situation the use of an original 2.75D 
approach leads to the low frequency noise levels inside the building. As the trackwork cannot be modified 
the solutions tested consist in inserting different types of barriers in the ground or in inserting spring-like 
materials in the lower part of the structure. Results are compared to target values in terms of vibration and 
ground-borne noise levels selected in order to limit dwellings occupants’ annoyance. Satisfactory results 
can only be achieved with the use of the spring-like solution. 
 
 
Keywords: Ground-Borne noise, train excitation, BEM/FEM 

1. INTRODUCTION 
In densely populated areas, the rarefication of land leads to the construction of buildings very close to 

railway tracks. Alternatively, the construction of new lines will impact existing buildings. In both cases, 
vibration and noise levels in offices, shopping malls or lodgings might be severely impacted by the 
proximity of passing trains and mitigation measures must be found. The situation here reported is that of an 
existing embanked railway line 20 km East of Paris, where buildings are being built right above the 
embankment, very close to a station. Consequently, as the tracks cannot be modified the mitigation 
measures must be taken on the receiver side. The approach here employed mixes measurements prior to the 
construction and numerical calculations for the various scenarios encompassed. The experimental phase of 
the project is presented in a companion paper (1) and uses vibrations levels on the ground free surface to 
tune the soil properties by correlating measurements and numerical estimations in order to estimate the 
force spectra of passing trains both in the vertical and tangent directions to the rails, at different locations 
corresponding to future buildings. In the present paper, we first describe the project and its numerical 
implementation and solution. The computations are made with the 2.5D BEM/FEM software mefissto (2) 
which assumes a 2D description of the geometry while accounting for 3D aspects of both excitation and 
wave propagation. The mitigation measures tested are twofold: i) insertion of a vertical barrier in the 
ground between tracks and foundations and ii) insertion of a resilient material (hereafter called “springs”) 
between ground level (shopping mall) and first level (lodgings)- the parkings are below ground level (y=0), 
We compute vibration and noise levels in the volumes (representative of livable spaces) closest to the tracks 
for the different solutions tested. Finally, global velocity and pressure levels are given. 
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2. THE PROBLEM 
 

A global view of the initial project is showed in Figure 1. A 2D representation is displayed since the 
approach employed is a 2.5D BEM/FEM model which assumes invariance of the geometry along the z axis 
parallel to the tracks. Previous work (2) have showed the adequacy of this approach for the type of 
buildings here considered (i.e. walls and slabs). The ground is composed of 4 layers atop a semi-infinite 
limestone sub-ground. The ground properties are listed in Table 1. The value of losses in the ground (8 %) 
was estimated in (1). The two tracks are modelled as point force in 2D and actual finite incoherent lines in 
2.5D with 2 components Fy (vertical) and Fz (parallel to the tracks). The parking’s outer wall are 35-cm 
thick by default. 
 

 

Table 1 - Material properties (building and soil layers) 

Type Thickness(m) Density(kg/m3) E(MPa) Poisson  damping  cs(m/s)  

Concrete  2300 30000 0.15 1% 2300 

Embankments Variable 1800 780 0.30 8% 408.2 

Formation de Brie Variable 1900 1668 0.45 8% 550.1 

Clay & limestone 7 1900 580 0.45 8% 324.4 

Clay marls and gypsum 19 2000 1015 0.45 8% 418.3 

Limestone infinite 2100 4350 0.45 8% 845.2 

 

 

Figure 1 – 2D and extruded view. Two buildings close to a railway embankment. 
 
 

3. DISCUSSION 
 
Several aspects considering the numerical modelling are first addressed. In the course of this project, 

many questions were raised, and many parametric aspects were considered and analyzed. A few highlights 
are now given. Computations have been done between the 10 and 200 Hz third octave bands. 

 
Mutual influence of both buildings: we have run computations with both buildings modelled 

simultaneously and then with only one or the other and found that no noticeable difference could be found, 
meaning that standing waves between both foundations could be neglected and that computations can be 
done with one building at a time. 

 
Embankment: we wanted to estimate the influence of the embankment on the transmitted vibrations inside 
the buildings and we compared the velocity with and without embankment where two positions of the flat 
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free surface are considered (low and high, see Figure 2). The velocity level on the ground floor is 
represented. The excitation is a 100 m incoherent line vertical force along z. Above 30 Hz, the case with the 
embankment leads to the lowest levels. 

 
Figure 2. Influence of the soil profile between both buildings.  

(*) High flat , (O) Embankment (□) Low flat 
 

Number of underground levels: as the project evolved, the number of underground parking levels was 
reduced from four to two with the hope that reducing the total height of exposed foundations would lead to 
a reduction of velocity levels. No significant difference was found. Most of the power is likely to be input 
in the top underground levels. In the next paragraph the case with two subterranean levels is studied. 

 
kz decomposition: for each frequency f the 2.5D computations relies on a set of computations carried for 

a set of kz wavenumbers. For each kz value, the problem solved corresponds to an infinite line excitation 
along z which varies as a kz cosine. The Fourier-like integration (3) over kz of any 2D solution V(F,M,f,kz) 
-with a shift of Δ m along z- will give the 3D velocity for a point source at (xF,yF,zF) and  receiver at 
(xM,yM,zM) separated by Δ=zM-zF 

 

 
Figure 3 – 2D excitation with wavenumber kz 

 
      (1) 

 
A train of finite length Dz is modelled by a set of uncorrelated forces along z (incoherent integration of 

results). The integration over kz must be done carefully with a sufficient discretization in terms of  and 
kz,max. Figure 3, shows typical kz responses for 2 cases: surface response without any building and ground 
floor velocity for the full situation. The more complex the situation the more complex the kz response, and 
the higher the frequency the higher kz,max must be. Automatic kz discretization schemes are employed. The 
picks correspond to the propagating waves either in the ground or/and in the building (building modes). 
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Figure 4 – V(f,kz) as a function of kz for different values of f. Left/ Right: without/with buildings. 
 

Protection with a barrier: positioning a barrier between and the tracks and the foundations was first 
tested with a void (full decoupling). As this is not feasible in practice, point connections were added. As 
could be expected, this results in a total loss of the efficiency of the barrier. A more sensible solution 
consists in adding a layer of resilient material. The efficiency of the case with a void can be recovered. The 
‘barrier’ solution thereof refers to the layer+barrier disposition. Different depths of the barrier were tested, 
and it was found that it should go down below the bottom of the foundations. Deeper barriers gave little 
extra reduction in vibration levels in the buildings. The influence of the lateral dimensions could not be 
estimated with a 2.5D approach and 3D FEM computations with full FEM were carried for a simple 
2-levels buildings with the conclusion that for a force centered on the length (Lz along z) of the building, 
the barrier needs not be longer than Lz. For non-centered forces the barrier should be longer by a few meters. 
Figure 5 shows different barriers and a view of a 3D FEM meshing with a screen that exceeds the 
building’s length by 4 m on each side. 

 

 
Figure 5 – (a) Barriers of different depths (b) view of the 3D FEM calculation. 

 
The 3D barrier (Figure 6) shows a reduction of varying amplitude (0 to 15 dB according to frequency).  

 

 
Figure 6 – 3D barrier: velocity reduction. 
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Increasing the thickness of the parking wall: since the vibration power mostly enters the buildings 
through the parking outer wall we have increased the thickness from 35 cm to 50 cm. Figure 7 shows 
the resultant modification of several floors’ average velocity levels. The building is excited by a 100 m 
long incoherent line source (vertical excitation). We notice that the reduction (positive values) is not 
systematic through the whole spectrum and varies with the building’s levels : at 100 Hz an increase is 
observed. Increasing the buried parking outer walls does not seem to be an optimal solution. 

 

 
Figure 7 - Effect of an increase of the thickness of the parking outer wall on floor vertical velocity 

(35 cm to 50 cm). 
 

4. Application case 
 

In (1), excitation force spectra have been estimated for 3 positions along z corresponding to 3 projected 
constructions sites. A 200 m-long train is modelled. As these locations are situated in a close proximity to a 
railway station, the trains are either accelerating (going east) or decelerating (going west). The buildings 
north of the tracks have been studied for accelerating trains and the south buildings for decelerating trains 
(closest excitation). It was found that the tracks are excited both with vertical and tangential forces (see 
spectra in (1)). The tangent excitation may exceed the vertical component in the higher frequency range. 
The buildings here considered only have two subterranean levels. 

The acoustic response in volumes is obtained by means of the 2.75D approach, recently published (2). 
In 2.5D, volumes are in in fact ducts of infinite length along z from which it possible to extract the velocity 
field on grids having a finite length Lz. The velocities on the four finite walls thus defined are coupled by 
means of an integral representation with the 3D green functions of volumes of the same length Lz. These 
functions are evaluated with a modal approach for a reasonable cost since computations are done at low 
frequencies (usually bellow 300 Hz). Alternatively, a SEA radiation approach can be employed for a 
reduced precision (2,5). Figure 8a gives an overview of the central part of the problem in the case of 
barriers with viscoelastic patches. Figure 8b shows the position of viscoelastic materials (“springs”) (left 
building) with a cut-of frequency of 5 Hz. Figures 9 and 10 show the Velocity Levels and Sound Pressure 
Levels spectra obtained in one case, at three levels. Note that the ground floor behavior around 50 Hz (see 
Fig.10) is different from results at other levels: this is related to the height of these volumes. 

 
Global velocity and sound pressure levels have been computed for the 3 buildings (left buildings for the 

3 sections) with both the vertical and tangent excitations (y & z directions). In each graph, the target value 
is displayed: 66 dB and 30 dB(A). Results are given for the reference, barrier and “spring” solution either 
considering only the vertical forces (dashed lines) or both vertical and tangent forces (solid lines). The 
“spring” solution is successful for the velocity levels since above ground level all values obtained are 
below the target of 67 dB. For sound pressure levels, the target of 30 dB(A) is more difficult to satisfy even 
with the “spring” solution. If only the vertical force (Fy) is considered the target is mostly satisfied but not 
if we take tangential forces (Fz) into account. Therefore, the conclusion is very much related to the validity 
of the assessment (see (1) of these tangent forces and further research on this poorly documented aspect is 
needed. One might probably consider that reality lies somewhere in between both cases (Fy versus Fy + Fz). 
Note, also, that the difference between dB(C) and dB(A) always lies between 20 and 30 dB and is little 
influenced by the insertion of a barrier or springs, which confirms that this problem is a low frequency 
problem. 
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Figure 8 – a) Buildings with barriers: close-up b) Viscoelastic layers on top of ground floor walls 

 

 

Figure 9 – LV spectra for 3 situations – dashed lines with vertical force only.  
South building, section 3. (*) Reference, (o) Barrier, (□) Spring.  

 

 
Figure 10 – SPL spectra for 3 situations – dashed lines with vertical force only.  

South building, section 3. (*) Reference, (o) Barrier, (□) Spring.  
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Figure 12 – Global Velocity levels for the 3 sections and both sides (3 buildings) 

dashed lines with vertical force only- Target value of 67 dB. 
(*) Reference, (o) Barrier (□) Springs 

 

  
Figure 13 – Global dB(A) levels for the 3 sections and both sides (3 buildings) 

dashed lines with vertical force only-Target value of 30 dBA. 
(*) Reference, (o) Barrier (□) Springs 

 
3D representations: we plot the vertical velocity in the buildings, top surface, interlayers and a central 
vertical plane at 100 Hz for a vertical unit force along y or z for 2 cases: reference (Figure 14), and “spring 
solution” (Figure 15). These snapshots visually demonstrate the efficiency of the “springs”. 
 
 

5. CONCLUSIONS 
 

The construction of buildings close to railway lines may lead to high vibration and acoustic levels if no 
mitigation measure is taken. A real situation is here reported where a numerical analysis has been carried 
right from the design stage of the new project, east of Paris, close to a station where trains are either 
accelerating or decelerating. First, the existing problem (soil data and track excitation) has been assessed in 
(1). Here, mitigation measures have been considered with the main conclusion that a decoupling of upper 
floors is necessary by means of the insertion of resilient materials. Even then, the target of 30 dB(A) is 
exceeded in certain cases by a few dB’s if one considers a full model where not only the vertical but also 
the tangential forces applied to the soil are considered. Little literature can be found for this problem and 
the authors feel that further work is needed; the assessment of both force components was done in a simple 
manner which needs be improved. Finally, one might note that another component must be added if the 
tracks are not straight. 
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Figure 14 - 100 Hz, reference case Left/Right: Fy/Fz excitation (vert/tangent) 

 

 
Figure 15- 100 Hz, spring case Left/Right: Fy/Fz excitation (vert/tangent) 
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ABSTRACT 

The most frequently used method for predicting sound pressure levels arising in a room as a result of 

transmitted sound or floor impact sound from adjacent rooms is an acoustic energy calculation assuming a 

diffuse sound field. If the dimensions of the room under investigation are sufficiently large, pressure levels 

can be predicted accurately by this method. However, especially at low frequencies, the wavelength of the 

sound may exceed the room dimensions, leading to reduced predictive accuracy. Although the Waterhouse 

correction is typically used to correct for this error, its reliance on statistical energy considerations means that 

it cannot take into account the response to the frequency range lower than the first-order mode and to 

frequencies between adjacent lower-order modes. In this work, a new correction method is derived from the 

relationship between the sound pressure level calculated using wave theory and the sound pressure level 

using diffuse-field theory in the frequency range from lower than the first-order mode to a low-order mode. 

By comparing calculated results obtained using the new method with both actual measurements and FEM 

calculations, its accuracy is examined. 

 

Keywords: Correction, Diffuse-Field Theory, Small Room, Wave theory, Prediction 

1. INTRODUCTION 

It is important to be able to predict sound pressure levels arising in a room as a result of transmitted 

sound or floor impact sound from adjacent rooms. This is typically done using an acoustic energy 

calculation in which a diffuse sound field is assumed. This method gives accurate results if the 

dimensions of the room under investigation are sufficiently large. However, in smaller rooms the 

wavelength of the sound may exceed the room dimensions, especially at low frequencies. This results 

in predictions of lower accuracy. 

Two specific problems must be faced when applying the energy calculation to low frequencies. 

The first is the frequency characteristic of the amount of energy flowing into the sound field of the 

room. It occurs because certain phenomena cannot be taken into consideration in the energy 

calculation: resonance and antiresonance in the low-order mode of the sound field in the room, and 

periodic compression and rarefaction of air in the room at a frequency lower than the first-order 

mode frequency. The second problem is the deviation between the space-averaged squared sound 

pressure level of the entire room and that of the center area where measurement points are actually 

provided. It occurs because of the sound pressure distribution in the room. The energy calculation 

does not consider the distribution, because it assumes a diffuse sound field. 

The Waterhouse correction [1] is typically used to correct for these problems  [2]. This is a 

correction applied to the space-averaged squared sound pressure in a room as calculated by energy 

theory; it assumes that the energy density near the room boundary is higher than that near the center 

of the room. As a method of correcting the sound pressure at any arbitrary point away from the 

boundary of the room, it is unable to fundamentally solve the first of the above problems while its 

correction for the second problem may include a large error depending on the relationship between 

the size of the room and the wavelength. 

The purpose of this research is to derive a correction that approximates the wave phenomenon 
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separately for both of the above-mentioned problems. The authors propose a method that can 

approximate the sound pressure level of a small room using diffuse sound field theory without the 

need to invoke wave theory calculations. The accuracy of the method is examined by comparing its 

calculation results with results of the wave theory calculations and laboratory experiments. 

2. OUTLINE OF CORRECTION METHOD 

A correction equation is defined as follows for approximating the space-averaged squared sound 

pressure level of the entire room of the actual wave field (𝐿𝑝.𝑤𝑎𝑣𝑒) from the space-averaged squared 

sound pressure level obtained using the energy calculation based on diffuse sound field theory (𝐿𝑝.𝑒𝑛𝑒). 

𝐿𝑝.𝑤𝑎𝑣𝑒 ≈ �̃�𝑝.𝑤𝑎𝑣𝑒 = 𝐿𝑝.𝑒𝑛𝑒+∆𝐿𝑠𝑓 (1) 

Here, �̃�𝑝.𝑤𝑎𝑣𝑒  is the approximated 𝐿𝑝.𝑤𝑎𝑣𝑒  and ∆𝐿𝑠𝑓  is a correction factor for the frequency 

characteristic of the amount of energy flowing into the sound field of the room that accounts for 

resonance and anti-resonance, in the low-order mode and periodic compression and rarefaction of air 

in the room at a frequency lower than the first-order mode frequency. 

In addition, taking into consideration that measurements are actually performed near the center of 

a room, another correction equation is defined for approximating the space-averaged squared sound 

pressure level of the sound field within a central volume defined by a fixed distance from the boundary 

of the room (𝐿𝑝,𝑎𝑟𝑒𝑎) from the space-averaged squared sound pressure level of the entire room of the 

actual sound field (𝐿𝑝.𝑤𝑎𝑣𝑒) as follows. 

𝐿𝑝,𝑎𝑟𝑒𝑎 ≈ �̃�𝑝,𝑎𝑟𝑒𝑎 = �̃�𝑝.𝑤𝑎𝑣𝑒 − ∆𝐿𝑚𝑝 (2) 

Here, �̃�𝑝,𝑎𝑟𝑒𝑎  is the approximated 𝐿𝑝,𝑎𝑟𝑒𝑎 , and ∆𝐿𝑚𝑝  is the correction value for the sound 

pressure distribution in the room. 

Therefore, the full equation for correcting the energy calculation result obtained using diffuse 

sound field theory is as follows.  

𝐿𝑝,𝑎𝑟𝑒𝑎 ≈ �̃�𝑝,𝑎𝑟𝑒𝑎 = 𝐿𝑝.𝑒𝑛𝑒+∆𝐿𝑠𝑓 − ∆𝐿𝑚𝑝 (3) 

The corrected value will then reflect actually measured sound pressure levels.  In the sections that 

follow, the derivation of correction values ∆𝐿𝑠𝑓 and ∆𝐿𝑚𝑝 will be examined. 

3. CORRECTION FOR LOW-ORDER MODE OF SOUND FIELD 

3.1 Examination by One-Dimensional Sound Field 

In order to explain in an easy-to-understand manner the characteristics of the discrepancies that 

occur between actual wave phenomenon and the diffuse sound field theory, we here consider a 

one-dimensional sound field and predict the sound pressure resulting from a floor impact as shown in 

Fig. 1. A ceiling with a sound absorption coefficient of zero vibrates at velocity 𝑣 at all frequencies 

and emits sound. The sound is reflected at the floor which has sound absorption 𝛼 at all frequencies. 

The sound pressure 𝑝(𝑥) at any point 𝑥 can be calculated by the following equations: 

Here, 𝜌 is the density of air, 𝑐 is the speed of sound, 𝐻 is the ceiling height, 𝑍 is the floor 

impedance, and 𝑓is the frequency. 𝐿𝑝.𝑤𝑎𝑣𝑒 of the one-dimensional sound field is the space-averaged 

sound pressure level of the entire sound field calculated using Eq. (4). On the other hand, 𝐿𝑝.𝑒𝑛𝑒 of 

the one-dimensional sound field using the energy calculation not considering phase is given by 

Eq. (5). 

𝐿𝑝.𝑒𝑛𝑒 = 10log10(𝜌𝑐𝑣
2 �̅�⁄ ), �̅� ≈ 𝛼 2⁄   (5) 

Figure 2 shows the calculated results of 𝐿𝑝.𝑤𝑎𝑣𝑒 and 𝐿𝑝.𝑒𝑛𝑒 when the ceiling height H is 2,650 

mm, the average sound absorption coefficient �̅� is 0.09, and the vibration velocity level of the slab 

is -120 dB re 1m/s. According to Fig. 2, 𝐿𝑝.𝑒𝑛𝑒 is calculated to be smaller than 𝐿𝑝.𝑤𝑎𝑣𝑒 at the mode 

𝑝(𝑥) =  𝜌𝑐𝑣 [𝑒−𝑗𝑘𝑥 +
(𝑍 − 1)𝑒−𝑗𝑘𝐻

(𝑍 + 1)𝑒𝑗𝑘𝐻
𝑒𝑗𝑘𝑥] [1 −

(𝑍 − 1)𝑒−𝑗𝑘𝐻

(𝑍 + 1)𝑒𝑗𝑘𝐻
]⁄ , 

𝑘 =
2𝜋𝑓

𝑐
, 𝛼 =

4𝑍 𝜌𝑐⁄

(𝑍 𝜌𝑐 + 1⁄ )2
 

(4) 
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frequency of the sound field, and larger than 𝐿𝑝.𝑤𝑎𝑣𝑒 at the antiresonance frequency. Also, at 

frequencies lower than the first-order mode, the lower the frequency, the smaller the difference 

between 𝐿𝑝.𝑤𝑎𝑣𝑒 and 𝐿𝑝.𝑒𝑛𝑒. If the frequency is sufficiently high in a three-dimensional sound field, 

and in the 1/3 octave band description, such a difference is considered to be almost eliminated , 

because the mode density rises rapidly. However, in small rooms, the same tendency is expected to 

occur at lower frequencies. 

 

3.2 Correction Value ∆𝑳𝒔𝒇 for One-Dimensional Sound Field 

Here, a correction value ∆𝐿𝑠𝑓 for the one-dimensional sound field that can approximate 𝐿𝑝.𝑤𝑎𝑣𝑒 

from 𝐿𝑝.𝑒𝑛𝑒 without a wave theory calculation is derived. 

The space-averaged squared sound pressure |𝑝𝑒|
2 is the physical quantity of 𝐿𝑝.𝑒𝑛𝑒 normalized 

by the sound pressure 𝑝𝑚𝑎𝑥  which is the the physical quantity of 𝐿𝑝.𝑤𝑎𝑣𝑒  at the 𝑚th -order 

resonance frequency 𝑓𝑚 and is approximated by the following equations: 

On the other hand, the space average of the squared sound pressure |𝑝𝑚|
2 is the physical quantity 

of 𝐿𝑝.𝑤𝑎𝑣𝑒 normalized by 𝑝𝑚𝑎𝑥 and is approximated by the following equations: 

|𝑝𝑚|
2 = ∑[1 + 4|𝑓 − 𝑓𝑚|

2 𝑏2⁄ ]−1
∞

𝑚=1

 (7) 

Furthermore, the ratio of the space average of the squared sound pressure |𝑝𝑝|
2

 below the 

first-order mode frequency of 𝐿𝑝.𝑤𝑎𝑣𝑒 to |𝑝𝑒|
2 is given by the following equation: 

|𝑝𝑝|
2
|𝑝𝑒|

2⁄ = 𝑐2�̅� (2𝜋𝑓𝐻)2⁄  (8) 

Therefore, the correction value ∆𝐿𝑠𝑓 for a one-dimensional sound field is obtained as below. 

∆𝐿𝑠𝑓(𝑓) = 10log10 [
|𝑝𝑚|

2

|𝑝𝑒|
2
+
|𝑝𝑝|

2

|𝑝𝑒|
2
] (9) 

The calculated values of ∆𝐿𝑠𝑓 , |𝑝𝑚|
2 |𝑝𝑒|

2⁄ , and |𝑝𝑝|
2
|𝑝𝑒|

2⁄  under calculation conditions 

|𝑝𝑒|
2 =

𝑏

𝑓1
tan−1

2𝑓1
𝑏
, 𝑓𝑚 = 𝑚𝑐 2𝐻⁄ , 𝑏 =

−𝑐log𝑒(1 − �̅�)

6.27 × 𝐻
 (6) 

               
Figure 1 – Calculation model    Figure 2 – Calculated results by wave and energy theory  

(H=2650mm) 

     
     Figure 3 – Sound level correction curve         Figure 4 – Difference between wave and  

energy theory with correction 
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identical to those in Fig. 2 are shown in Fig. 3. The calculated ∆𝐿𝑠𝑓 is very similar to the difference 

between 𝐿𝑝.𝑤𝑎𝑣𝑒 and 𝐿𝑝.𝑒𝑛𝑒 in Fig. 2, so it can be considered an appropriate correction value.  

The difference between 𝐿𝑝.𝑤𝑎𝑣𝑒 and �̃�𝑝.𝑤𝑎𝑣𝑒 as calculated by Eqs. (5) to (9) is shown in Fig. 4. Here, 

the ceiling height H is 2,400 mm and the average sound absorption coefficient �̅� is 0.09. It can be seen 

that the difference is small in all frequency bands. 

3.3 Examination by Three-Dimensional Sound Field 

Frequency response analysis is performed using the finite element method (FEM), assuming that 

the room affected by the sound is under a vibrating ceiling concrete slab, as shown in Fig. 5. Three 

ceiling heights 𝐻 are considered: 2,400 mm, 2,650 mm, and 2,800 mm. The ceiling slab is modeled 

using shell elements, while the sound field in the room is modeled with fluid elements. The bound ary 

condition at the four edges of the ceiling slab is a simple support and the boundary conditions applied 

to wall and floor surfaces are an impedance condition where the absorption coefficient for normal 

incidence is 0.09. 

A vibrational excitation force of 1 N in the vertical direction is input at the excitation point on the 

ceiling slab for each frequency, and the sound pressure at the nodal points of fluid elements and the 

vibration velocity of the nodal points of shell elements are calculated. The mean squared sound 

pressure level of all nodal points of fluid elements is taken as 𝐿𝑝.𝑤𝑎𝑣𝑒. 

𝐿𝑝.𝑒𝑛𝑒 is calculated using Eq. (10). 

𝐿𝑝.𝑒𝑛𝑒 = �̅� + 10log10
4𝑆𝑒𝑓𝑓𝜎𝜌

2𝑐2

𝑆𝑎�̅�𝑝0
2  (10) 

Here, �̅�  is the surface-averaged squared vibration velocity level of all nodal points of shell 

elements in the sound radiation area. 𝑆𝑒𝑓𝑓 is the radiation area of the ceiling slab, 𝜎 is the acoustic 

radiation efficiency of the ceiling slab (set to 1.0), 𝑆𝑎 is the surface area of the room affected by the 

sound, and 𝑝0 is the reference sound pressure (𝑝0 = 2 × 10−5 [Pa]). The calculated results of 𝐿𝑝.𝑤𝑎𝑣𝑒, 

𝐿𝑝.𝑒𝑛𝑒 and �̅�  for the 2,650 mm ceiling height are shown in Fig. 6. In addition, the difference 

between 𝐿𝑝.𝑤𝑎𝑣𝑒 and 𝐿𝑝.𝑒𝑛𝑒 is shown in Fig. 7 for all three ceiling heights. 

The frequency dependence of the 𝐿𝑝.𝑤𝑎𝑣𝑒 and 𝐿𝑝.𝑒𝑛𝑒 difference is more complicated than in the 

one-dimensional sound field. However, in the frequency range below the vertical first-order mode 

frequency, the frequency characteristics are very similar to those in the one-dimensional sound field.  

The reason for this seems to be that the vertical vibration mode is more easily excited than the 

horizontal vibration mode because the slab occupies only the horizontal plane and the mode density 

is low. At higher frequencies, the number of modes rapidly increases, so that it is close to the diffuse 

sound field, and the deviation itself becomes smaller.   

 

3.4 Correction Value ∆𝑳𝒔𝒇 for Three-Dimensional Sound Field 

As shown above, the difference between 𝐿𝑝.𝑤𝑎𝑣𝑒 and 𝐿𝑝.𝑒𝑛𝑒 in the three-dimensional sound field 

is very similar that in the one-dimensional sound field up to around the frequency of the first-order 

mode in the vertical direction. Therefore, the correction ∆𝐿𝑠𝑓 for one-dimensional sound field is 

modified for the three-dimensional case as follows.  

First, the space average of the squared sound pressure |𝑝𝑚|
2 is assumed to be as given by Eq. (7) 

up to the second-order mode. Then the influence of rapidly increasing higher modes is approximated 

       
Figure 5 – Calculation model for FEM     Figure 6 – Calculated results by wave and energy theory 

(H=2650mm) 
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by adding a large sound absorption coefficient in the second-order mode. Equation (7) is thus modified 

to obtain the following equation: 

|𝑝𝑚|
2

|𝑝𝑒|
2
=

{
 
 

 
 ∑[1 + 4|𝑓 − 𝑓𝑚|

2 𝑏𝑚
2⁄ ]
−1
[
1

𝑓1
tan−1

2𝑓1
𝑏𝑚
]
−12

𝑚=1

, 𝑓 < 𝑓2

𝑚𝑎𝑥 (∑[1 + 4|𝑓 − 𝑓𝑚|
2 𝑏𝑚

2⁄ ]
−1
[
1

𝑓1
tan−1

2𝑓1
𝑏𝑚
]
−12

𝑚=1

, 1) 𝑓 ≥ 𝑓2

 

𝑏𝑚 =
−𝑐log

𝑒
(1 − �̅�𝑚)

6.27 × 𝐻
 

(11) 

Here, �̅�𝑚 is the sound absorption coefficient at the frequency of the 𝑚th-order mode in the 

vertical direction. Equation (8) is then modified to obtain the following equation to fit the 

three-dimensional sound field: 

|𝑝𝑝|
2

|𝑝𝑒|
2
=

𝑆𝑎𝑐
2�̅�

4𝑆𝑒𝑓𝑓(2𝜋𝑓𝐻)2
 (12) 

The values of ∆𝐿𝑠𝑓 , |𝑝𝑚|
2 |𝑝𝑒|

2⁄ , and |𝑝𝑝|
2
|𝑝𝑒|

2⁄  for Fig. 5 calculated using Eq. (11) and 

Eq. (12) are shown in Fig. 8. Here, the height of the ceiling is 2,650 mm and the average sound 

absorption coefficient is 0.073 for the first mode and 0.7 for the second mode. 

The difference between 𝐿𝑝.𝑤𝑎𝑣𝑒 calculated using FEM and �̃�𝑝.𝑤𝑎𝑣𝑒 calculated using Eqs. (1), (9), 

(10), (11) and (12) is shown in Fig. 9. In this three-dimensional calculation, it can be seen that the 

wave calculation result is well approximated only with the addition of the correction value ∆𝐿𝑠𝑓 to 

the energy calculation result 𝐿𝑝.𝑒𝑛𝑒. 

 

 
Figure 7 – Difference between wave and energy theory (3D) 

 

Figure 8 – Sound level correction curve 

 
Figure 9 – Difference between wave and energy theory with correction 
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3.5 Laboratory Experiment on ∆𝑳𝒔𝒇 

In the laboratory outlined in Fig. 10, an excitation point (V3) on the ceiling concrete slab is excited 

with a constant force. The vibration velocity level of the slab and the sound pressure level in the room 

are measured at large numbers on grid points (on a pitch of approximately 280 mm). 

𝐿𝑝.𝑤𝑎𝑣𝑒 is the space-averaged squared sound pressure level of all measurement points in the room’s 

sound field. 𝐿𝑝.𝑒𝑛𝑒  is calculated using Eq. (10). �̅�  is the surface-averaged squared vibration 

velocity level of all measurement points on the ceiling slab. The correction value ∆𝐿𝑠𝑓 is calculated 

using Eqs. (9), (11) and (12), where �̅�1 is 0.3 and �̅�2 is 0.7. 

The difference between measured 𝐿𝑝.𝑤𝑎𝑣𝑒 and approximated �̃�𝑝.𝑤𝑎𝑣𝑒 calculated using Eqs. (1), 

(9), (10), (11) and (12) is shown in Fig. 11, and the difference between 𝐿𝑝.𝑤𝑎𝑣𝑒 and �̃�𝑝.𝑤𝑎𝑣𝑒 is 

shown in Fig. 12. An improvement is seen in the 1/3 octave band, especially below 100 Hz. 

 

 

4. CORRECTION FOR SOUND PRESSURE DISTRIBUTION 

4.1 Examination by One-Dimensional Sound Field 

The variation in sound pressure distribution with frequency in the one-dimensional sound field is 

shown in Fig. 13. At frequencies lower than the first-order mode (A), the sound pressure in the sound 

field is constant everywhere, as in the inner space of an air spring. At the frequency of the first-order 

mode (B), the sound pressure increases at the boundary and decreases in the center volume of the 

sound field.  

Therefore, in frequency range (A), since there is almost no variation over the entire sound field, it 

can be considered that there is almost no difference between the average value in the center volume 

and the average value of the entire sound field. However, at mode frequencies such as (B), the lower 

the mode, the larger the difference between the average value in the center volume and the average 

value of the entire sound field. 

 
Figure 10 – Experimental condition 
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4.2 Examination by Three-Dimensional Sound Field 

In the FEM calculation model shown in Fig. 5, the mean squared sound pressure level of only the 

nodal points in the center volume 500 mm away from the ceiling, wall and floor respectively is taken 

as 𝐿𝑝,𝑎𝑟𝑒𝑎. The difference between 𝐿𝑝.𝑤𝑎𝑣𝑒 and 𝐿𝑝,𝑎𝑟𝑒𝑎 is shown in Fig. 14. Here the three ceiling 

heights of 2,400 mm, 2,650 mm and 2,800 mm are considered as before. The value of the 

Waterhouse correction at 𝐻 = 2,650 mm is also shown for reference. 

The Waterhouse correction takes a larger value as the frequency decreases, but the calculated 

difference starts to decrease near the first-order modal frequency in the vertical direction, and below 

31.5 Hz becomes almost zero. The frequency range below 31.5 Hz corresponds to frequency range (A) 

in Fig. 13. 

4.3 Correction Value ∆𝑳𝒎𝒑 for Three-Dimensional Sound Field 

Based on the discussion that follows, correction values for the sound pressure distribution ∆𝐿𝑚𝑝 

are defined as the following equations: 

∆𝐿𝑚𝑝 = {

0 𝑓 < 𝑓1 2⁄

10log10(2𝑓 𝑓1⁄ ) 𝑓1 2⁄ ≤ 𝑓 < 𝑓1
𝑚𝑖𝑛( , 10log10(1 + 𝑆𝜆 8𝑉⁄ + 𝐿𝜆2  2𝜋𝑉⁄ )) 𝑓 ≥ 𝑓1

 (13) 

First, based on the above results, set 𝑓1 2⁄  as the frequency at which the influence of the pressure 

field is large, and then increase by 1 dB every 1/3 octave from that point up to the frequency of the 

first-order mode. Above the first-order mode frequency, the correction basically follows the 

Waterhouse rule, but a maximum value is set at 3 dB. In equation (13), 𝑆 is the surface area of the 

room, 𝜆 is the wavelength, 𝑉 is the volume of the room, and 𝐿 is the entire perimeter of the room. 

The calculation results of ∆𝐿𝑚𝑝 for 𝐻 = 2,400 mm in Fig. 5 and the difference between 𝐿𝑝.𝑤𝑎𝑣𝑒 

and 𝐿𝑝,𝑎𝑟𝑒𝑎 are shown in Fig. 15. It can be seen that the correction value closely approximates the 

sound pressure distribution in the room. 

4.4 Laboratory Experiment on ∆𝑳𝒎𝒑 

In the laboratory results shown in Fig.10, the mean squared sound pressure level at only the 

 

Figure 13 –Squared sound pressure distribution in one-dimensional sound field 

 

 

Figure 14 – Difference between 𝐿𝑝.𝑤𝑎𝑣𝑒 and 𝐿𝑝,𝑎𝑟𝑒𝑎 
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measurement points in the center volume 500 mm away from the ceiling, wall and floor respectively is 

taken as 𝐿𝑝,𝑎𝑟𝑒𝑎 . Calculated ∆𝐿𝑚𝑝  values for the laboratory measurements and the difference 

between 𝐿𝑝.𝑤𝑎𝑣𝑒  and 𝐿𝑝,𝑎𝑟𝑒𝑎  are shown in Fig. 16. In the frequency range below 80 Hz, the 

correspondence between ∆𝐿𝑚𝑝 and the measured difference is very good. At 100 Hz or more, the 

correction value ∆𝐿𝑚𝑝 is rather smaller, but the difference is at most about 1.5 dB, so accuracy is 

sufficient as a correction value. 

 

 

5. CONCLUSIONS 

A small-room correction method is proposed for the conventional diffuse sound field energy 

calculation, in which it is assumed that frequencies are low. The proposed correction includes two 

terms. One is for the influence of low order modes and periodic compression and rarefaction of air in 

the room at a frequency lower than the first-order mode frequency, and the other is for the influence 

of sound pressure distribution. The correction method well approximates the space-averaged square 

sound pressure level in simulated and measured sound fields without the need to invoke wave theory 

calculations. 

Future work is to examine the correspondence between the correction and measurements in more 

sound fields with the aim of making the correction method more accurate. 
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Figure 15 – Correction value and difference between 𝐿𝑝.𝑤𝑎𝑣𝑒 and 𝐿𝑝,𝑎𝑟𝑒𝑎 

 

 

Figure 16– Actual difference between entire room average and center volume average in real room 

∆𝐿𝑚𝑝    .(1 )

𝐿
𝑝
.𝑤
𝑎
𝑣
𝑒
-𝐿
𝑝
.𝑎
𝑟
𝑒
𝑎

(d
B

)

  
 
  
  
  
 n
  

Frequency (Hz)

𝐿
𝑝
.𝑤
𝑎
𝑣
𝑒
-𝐿
𝑝
.𝑎
𝑟𝑒
𝑎

(d
B

)

  
 
  
  
  
 n
  

Frequency (Hz)

∆𝐿𝑚𝑝    .(1 )

3418



PROCEEDINGS of the 
23rd International Congress on Acoustics 

9 to 13 September 2019 in Aachen, Germany

Using realistic test signals to evaluate existing structures for low
frequency sound transmission from clubs, live music venues,

discos, and exercise facilities.

David WOOLWORTH1;
1 Roland, Woolworth & Associates, United States

ABSTRACT

Low frequency sound used in entertainment (and sometimes exercise) facilities is difficult to reproduce in
standard testing procedures for existing facilities such as ANSI E336 and ISO 16283-1, as the test cutoff
frequency is well above sounds generated in-situ for these facilities, and some methods or loudspeakers
cannot reproduce the sound level of low frequency that would be typical for everyday operation for these
facilities  This  paper  proposes  using  alternate  test  signals  and  methods  that  are  appropriate  to  facility
programming that must be isolated from neighboring structures.  It addresses “worst case” low frequency
source characterization, sound levels that incite vibration of finish materials that are transferred through the
structure, and metrics used to evaluate receiving spaces. 

Keywords: Pulse, Low Frequency, Isolation

1. INTRODUCTION
The advent of inexpensive low frequency sound reproduction in loudspeakers for music since the

1980’s has made low frequency sound sources ubiquitous and in turn has changed the way popular
music  forms are recorded,  mixed,  and mastered to  include more low frequency content.  (1)  This
content is being manipulated by artists to create new sounds, in some cases with the goal of being
louder or increasing the physical impact of the reproduction. This is especially prevalent in music
forms such as pop, urban, electronic dance music (EDM), country music, and heavy metal (2); this
music appears in exercise facilities, dance clubs, and live music venues among other places.  The
U.S. trend of mixed use lightweight and/or historical construction that combines these venues with
residences or nearby residences can result in unwanted low frequency sound.

Samples of sound measured in residences and residential areas affected by low frequency sound
from  clubs  are  shown  in  Figures  1  and  2.  There  is  significant  energy  below 50Hz  that  must  be
considered. What is also of interest is the low frequency content of operational sound levels is 15-
25dB Leq above background sound levels. 

2. TESTING AND TEST SIGNALS

2.1 Standards for Field Testing of Sound Transmission Loss

Two standards were examined for suitability to examine clubs for sound transmission inside the
same structure: First, ISO 16283-1:2014 Field measurement of sound insulation in buildings and of
building  elements  Part  1:  Airborne  sound  insulation  (3),  which  assesses  the  third  octave  band
frequency range 50Hz to 5kHz, and second, ASTM E336-19 Standard Test Method for Measurement
of Airborne Sound Attenuation between Rooms in Buildings (4), which addresses the minimum third
octave band frequency range 125Hz to 4000Hz. ISO 16283-1 utilizes spatial averaging to determine
transmission loss in the 50, 60, and 80 Hz bands. Conceivably one could measure down to 31Hz
using  these  methods,  and  report  the  results  with  the  understanding  that  this  is  specific  to  the
particular measurement location; however, these test methods utilize white or pink noise as a noise

1 dwoolworth@rwaconsultants.net
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source.   The  test  loudspeaker's  ability  to  run continuous  broadband noise at  high  sound levels  is
limited,  and  at  high  sound  levels  can  burn  up  loudspeakers,  especially  trying  to  reproduce  low
frequency broadband noise.  As seen in Figures 1 and 2, low frequency is our main concern in regard
to clubs.  So a test signal should be considered that mimics the part of the sound source that is the
main complaint, that is primarily pulsing low frequency. 

Figure  1: Third  octave band measurements of Leq in a bedroom on 5th floor of condominium above an

open stairwell with club on 1st floor, Note the drop in level of 15dB when the club closes at 4:00am.

Figure 2: Outdoor measurements 29m (95ft) from a club in an apartment complex 12:00am versus ambient

conditions.

2.2 Proposed Test Signal

Bass  drops  and  the  actual  music  played  in  the  venue  are  useful  sources  that  contain  low
frequency pulse information; live music will have large variations between acts and requires some
additional thought to ensure the worst case is tested (see 2.4 Sound Level of the Test Source). The
proposed test signal is a bass drop (or multiple types of drops). 
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2.3 What is a Bass Drop?

A bass drop is a bass drum type sound sample used in music for impact, or sometimes as a drum
sound.  It is sometimes referred to as “808” in reference to the bass drum sound of an early drum
machine, the Roland TR-808, created by Ikutaro Kakehashi in 1980.  This was initially used by the
Japanese electronic  music  group Yellow Magic Orchestra,  and was considered more of  a toy,  but
drum machines began to drive new forms of music such as hip hop, and eventually the bass drop
continued  to  evolve  and be adapted  for  pop music,  heavy metal,  rap/urban  music,  and electronic
dance music (EDM). (5)

The  bass  drops  studied  for  this  paper  had  a  duration  from ~200 msec  to  several  seconds.   In
general, the sound consists of a band of low frequencies that drops pitch over time. For example, the
drop in Figure 3 (left) starts out roughly in the band of 63Hz to 200Hz and drops to 31Hz to 80Hz in
0.2 seconds; with this frequency and level drop in the main band, higher frequency information will
drop  off  in  level  as  well.   Bass  drops  are  further  manipulated  by  their  composers  using  various
electronic  effects;  harmonics  are  added  to  ensure  good  reproduction  in  sound  systems  with  low
frequency limitations. 

Figure 3: Waterfall analysis of two bass drops.  Left, a well ordered oscillating 3 second drop; Right, a 0.2

second drop with some electronic effects. In both cases, the signal shifts to lower frequency over time. 

2.4 Sound Level of the Test Source

The sound level of the test source is important and can be approached in several ways: (a) if we
are  trying  to  determine the upper level  to  limit  the  sound source,  the level  can be varied until  a
receiver criteria is met (b) if we are trying to evaluate the sound isolation between a source and a
receiver,  it  is  good practice to use low frequency sound levels that  you have measured in  similar
venues.   It  is  important  to  note  that  when field testing is  performed,  the sound levels  that  match
typical levels can seem louder than normal, as you are going from ambient conditions to high sound
levels, without the aid of tympanic reflex and other acclimation. It is not unusual for the owner or
manager  of  a  source  venue  to  claim  that  they  are  never  as  loud  as  the  test.  The  best  point  of
reference for the highest sound levels for clubs will be the end of the night or the end of shows; the
sound level is typically the highest then (See Figure 1).  Live music venues requires that a sampling
of acts is performed, as there can be large variations in the musicians’ and engineers’ low frequency
sound levels.

Bass drop frequency content, frequency shift and sound level together will typically excite most
lightweight  surfaces  in  the  room  into  vibration,  actuating  structureborne  noise.   Thresholds  for
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airborne induced vibration of windows, walls, and floors with two field measurement samples are
shown in Figure 4 for reference. It is important to keep in mind this airborne sound to structureborne
sound can become the major issue for sound transmission. 

Figure 4: NASA thresholds of airborne sound levels producing perceived induced structural vibrations.

Rock-pop curve extracted from Larsen(6) and author’s field data, fitness is typical ambient conditions for a

fitness facility.  Note that  “spin” (in-place bicycle class) can exceed the fitness level significantly (up to

10dB). Both typical field conditions can induce structureborne sound. 

2.5 Sound Source and Testing 

If a “house” sound system exists, it is the ideal source as it has the appropriate capacity and in-
situ conditions of structural connectivity. In the case where no sound system is in place, or it is a
live  music  venue,  it  is  appropriate  to  bring  a  subwoofer  that  can  reproduce  down to  ~30Hz,  or
whatever the planned system low frequency roll off is designed for.  The stage should be checked
separately in live music venues to simulate bass, synthesizer, or DJ setups, as the stage may have
different structural connectivity than the house sound system. Regardless of the sound source, it is a
good idea to bring isolation pads for subwoofers to examine any improvements by isolation, or to
verify if structureborne sound is the main issue. 

The test can utilize sound level meters or microphones in both the source and receiver positions
(best), however it may be sufficient or necessary to sample some number of bass drops at the source
and then again at the receiver under stable or low noise ambient conditions.  Vibration monitoring is
highly recommended. The interval,  duration, and style of the bass drop (in some cases bass drum
sample) can be set up to mimic an expected range of tempos if exposure is being considered; for
instance, exercise music typically ranges from 115 to 160 beats per minute. 

2.6 Using the Results

The  data  from  testing  for  low  frequency  sound  and  vibration  transfer  using  bass  drops  is
especially  useful  in  troubleshooting sound and vibration paths,  determining required in-situ  noise
reduction  of  a  construction,  informing  noise  control  measures,  and  determining  limits  for  low
frequency output of sound systems. 
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3. ON EVALUATION OF RECEIVER THRESHOLDS

3.1 Threshold Limits for Receivers

The discussion for receiver low frequency thresholds is ongoing; a recent summary of methods
can  be  found  in  ICA  2016  proceedings  (Caniato,  et.al)  (7),  which  includes  Roberts  (8)
recommendation for 5dB penalty for an impulsive source (bass beat), and Jakobsen’s method (9) that
includes  vibration  monitoring  (structureborne  sound).  This  summary  builds  on  earlier  work  from
Leventhal (10).  DIN 45680 Measurement and assessment of low-frequency noise immissions in the
neighborhood (11) also recommends nighttime limits for sound and vibration.   In some cases testing
needs to be performed during the day, so it is important to take in to consideration background noise
and penalties for nighttime ambient conditions. Determination of receiver metrics and refinement of
methods  for  testing  is  left  to  the  reader;  ultimately  it  is  important  to  measure  both  sound  and
vibration due to the potential for direct transfer of vibration and airborne to structureborne sound in
addition to airborne sound. 

4. SUMMARY
The “808” bass drop is an element of popular music that should be considered as a repeatable test

signal  added to  standard  field  sound isolation  testing  to  examine  each  unique  field  condition  for
music and entertainment that includes low frequency content. The value of the bass drop is that it
defines  “worst  case”  for  sound  levels  and  band-density  in  the  low  frequency  region  of  music
sources,  making it  useful  in  establishing limits  for  sound systems or defining isolation needed to
meet threshold limits. The bass drop is particularly effective in generating airborne to structureborne
sound, where white and pink noise test signals may not due to demands of continuous broadband
sound on the loudspeaker. 

Since the bass drop is  an evolving art,  it  is  difficult  to  define a  standard drop sound, and the
consultant  needs  to  be  vigilant  of  the  “state  of  the  art”  in  music  production  to  determine  a
reasonable test signal(s). It is also critical for those involved in testing to identify any new elements
in popular music that can create annoyance with unintended listeners and ensure that they include
similar  signals  in  field  testing  regimen. Ultimately  the test  signals  should reflect  the content  and
sound levels of a typical source or potential source. 

5. FUTURE WORK
Three  areas  are  of  interest  for  future  work;  (a)  sound  quality  (i.e.  sharpness,  roughness)  of

various bass drops and the potential for annoyance, (b) the creation of a library of genre or venue
based music samples for field testing, and (c) development of indoor to outdoor sound transmission
measurement method that addresses low frequencies of interest.
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ABSTRACT
In the ISO 16283 series for field measurement of sound insulation, a low-frequency procedure is specified for 
determining indoor average sound pressure level, which is the so-called corner method. In the procedure, 
additional measurements are required in the corners in addition to the default measurements in the central 
zone, and the indoor average level is corrected with the highest level in the corners. However, this procedure
was empirically proposed, and its validity is not fully examined for various cases. In this paper, façade sound 
insulation measurements were performed above 20 Hz for two rooms of a mock wooden house, where sound 
pressure levels were measured at five default points and eight corner points in each room. The low-frequency 
procedure was tested in comparison with the default procedure, in particular, observing the deviation among 
the corner points. In addition, the influences of the microphone position in the corners were examined with 
varying the distance from each corner.

Keywords: Sound insulation, Low-frequency sound, Façade, Wooden house

1. INTRODUCTION
In the field measurement of airborne sound insulation, indoor average sound pressure level is 

usually determined with five microphone positions placed in a room, which could lead to adverse 
significant deviation at low frequencies due to low-order normal modes. Thus, in the ISO 16283
series [1, 2], a low-frequency procedure has been specified for determining the indoor average sound 
pressure level, based on the study by Hopkins [3]. In the low-frequency procedure that is the so-called 
corner method, additional microphone positions are required in the corners in addition to the default 
positions in the central zone, and the indoor average level is corrected with the highest level in the 
corners. In the ISO series, the low-frequency procedure is applied for the 50 Hz, 63 Hz, and 80 Hz 
1/3-octave bands, and also for rooms with a volume of smaller than 25 m3. However, this procedure 
was empirically proposed, and its validity is not fully examined for various cases although 
measurements of insulation between rooms were intensively done [3, 4]. Regarding façade insulation,
we have recently performed a 1/4-scale model measurement using a small house model installed in a 
semi-anechoic room [5], and the low-frequency procedure was roughly validated using the measured 
sound pressure levels at multiple grid points [6].

In this paper, façade sound insulation measurements are performed above 20 Hz for two rooms
with different window systems of a mock wooden house. In the measurements, two loudspeakers for 
lower and higher frequency ranges are used as outdoor sound sources, and sound pressure levels are 
measured at five default points and eight corner points in each room. In comparison with the default
procedure, the low-frequency procedure is tested, in particular, observing the deviation of sound 
pressure levels among the corner points. Furthermore, the influences of the microphone position in the 
corners were examined with varying the distance from each corner.
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2. EXPERIMENTAL SETUP

2.1 Mock Wooden House 
Figure 1 shows the mock wooden house constructed by the traditional timber framework method in the 

field without obstacles nearby. This house has two rooms (Rooms A and B) with a volume of about 20 m3,
of which plan layout is rotationally symmetrical, and the windows of the two rooms are aluminum sliding 
terrace windows with different sound transmission losses. For Room A, a regular sash with 5 mm thick 
single glazing is installed, while a soundproof sash with double glazing of a total thickness of 10 mm is 
installed for Room B. The façade wall and the roof/ceiling are light structures with a surface density of 
about 25 kg/m2 (including studs), the partition wall is a hollow double wall, the floor is wooden flooring,
and a double door with high sound transmission loss is installed for each room. In the four sides of the
concrete foundation (h = 575 mm), four underfloor ventilations (w = 275 mm, h = 155 mm) are installed 
under the windows and on the opposite side of the doors. The roof is a hipped roof, and no ventilation is
installed for the attic space. The detailed components of the house are shown in Table 1.

(a) Plan                               (b) Section

(c) Exterior view                           (d) Interior view

Figure 1 – Mock wooden house

2.2 Measurement Setup
Façade airborne sound insulation measurements are conducted in Rooms A and B, where a number 

of microphones and two loudspeakers are set for each room as shown in Figure 2. For generating 
broad-band noise from 25 Hz to 160 Hz 1/3-octave bands, a subwoofer (Electro-Voice EKX18SP) is 
set on the round, and another loudspeaker (JBL EON15 G2) is set over the subwoofer for noise from
200 Hz to 5 kHz bands, both of which are placed at a distance of 8 m away from the center of the 
window in the direction of 45 degrees.
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Table 1 – Compositions of the mock wooden house: unit [mm]

Façade wall
Metal siding (16) + Furring strips (18) + Windproof/moisture-permeable sheet

+ Plywood (9) + Glass wool 16K (100) + Gypsum board (9.5)

Partition wall Gypsum board (9.5) Air (100) Gypsum board (9.5)

Floor Composite flooring (12) + Plywood (12) + Polystyrene foam (25)

Ceiling Gypsum board (9.5) Glass wool 16K (100)

Roof Metal roofing + Asphalt roofing + Plywood (12)

Window
Aluminum double sliding sash (h = 1,800, w = 1,600)

Glazing: FL5 (Room A), FL6+A6+FL4 (Room B)

Door
Resin door (h = 1,800, w = 720)

Glazing: W6.8+A11+FL4 (exterior), FL6+A8+FL4 (interior)

In outdoors, 14 receiving points (S1~S13, F) are set at a height of 1.2 m above the floor (1.8 m 
(+GL)), where S1~S13 are at a distance of 4 cm from the three façade walls around the house, and F
is at a distance of 2 m in front of the center of the window according to the global method in ISO 
16283-3. In the room, 5 default points (R1~R5) and 8 corner points (C1~C8) are arranged. According 
to the default procedure, R1~R5 are set in the center zone at least 0.6 m away from the inner walls, 
with different heights of 0.8 m to 1.6 m above the floor. The corner points are set at a distance of 0.4 
m from each boundary that forms the corner, in which C1~C4 are near the floor, and C5~C8 are near 
the ceiling.

At all receiving points, equivalent continuous sound pressure levels are measured in the 
1/3-octave bands from 25 Hz to 5 kHz with an averaging time of 20 seconds. Moreover, as a 
reference, sound pressure level on the ground without obstacles, Lfree, is measured at a distance of 8
m in front of the loudspeakers, at the same height as the outdoor receiving points. The measurements 
were conducted under windless condition, and it was confirmed that the signal-to-noise ratio is 
greater than 10 dB at all frequency bands.

Figure 2 – Arrangement of microphones and loudspeakers
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3. EXAMINATION ON THE CORNER METHOD
In the low-frequency procedure specified in ISO16283-3, indoor sound pressure levels are 

determined in 50, 63 and 80 Hz bands, by combining the energy-average level for the five default 
points in the central zone, Lin,5, and the maximum level among the eight corner points, Lcn,max, using 
the following equation:

(1)

where Lcn is a general representation of sound pressure level related with corners. However, the use 
of the maximum value for the corner level is not necessarily reasonable in the aspect of uncertainty,
and also, the proportion of 2 to 1 seems to be empirically given.

So then, as a possible value that was tested in the previous scale model experiment [6], the 
energy-average level over all the corner points, Lcn,ave, is also tentatively used for the corner level. In 
the following examination, the two kinds of low-frequency indoor sound pressure levels, LLF,max and 
LLF,ave are calculated from the measured values at R1~R5 and C1~C8, and these differences from the 
default average level are quantitatively compared.

According to the recent paper by Hopkins [7], he originally proposed a corner microphone
position at a distance of 0.3 m to 0.6 m, but the upper distance was reduced to 0.4 m in ISO 16283-3
because the distance of 0.6 m is used for the default procedure. Moreover, it is noted in the ISO that 
the distance from each boundary that forms the corner does not have to be identical, giving an 
example of the combination of 30 cm, 35 cm and 40 cm from the three boundaries. However, 
considering that the wavelength below 100 Hz is greater than 3 m, the limitation of the near distance
and the additional note seems to be needless. Therefore, in the latter examination, sound pressure 
levels are measured around the corner by varying the distance from each boundary from 2 cm to 60
cm identically, and also at the ISO recommendation point. In each room, two corner zones near the 
floor are selected: one is around C2 in the far corner from the source, and the other is around C4 in 
the near corner.

4. RESULTS AND DISCUSSION

4.1 Outdoor Sound Pressure Levels
Figure 3 shows the distributions of the outdoor sound pressure levels measured at S1~S13 and F

for Room A, relative to Lfree the reference level in the free field. Below 500 Hz, the relative levels 
are 5 to 8 dB at S6~S8 on the front façades, and 2 to 5 dB at S1~S3 on the side façade facing to the 
source. On the other hand, at F in front of the window, the levels are greatly fluctuating between -3
and +5 dB, which is due to the interference with reflected wave. On the back side façade, the levels 
are at least 10 dB lower than those on the front façade due to the diffraction attenuation.

According to the global loudspeaker measurement specified by ISO 16283-3, outdoor-to-indoor 
level difference is evaluated from the sound pressure level at a distance 2 m in front of the façade.
However, it is not necessarily suitable for investigating the frequency characteristics of sound 
insulation of the house. Accordingly, in the following, outdoor-to-indoor level difference is 
evaluated considering Lfree as the outdoor sound pressure level.

4.2 Outdoor-to-Indoor Level Difference by the Default Procedure 
As a global index of sound insulation of the house, sound pressure level difference, Dfree = Lfree -

Lin,5, is calculated with the default procedure. Figure 4 shows the calculated results of Dfree for
Rooms A and B. Generally, Dfree is about 15 dB at 500 Hz in both rooms, and Room B has higher 
Dfree below 100 Hz and above 1 kHz than Room A. The increase of Dfree below 100 Hz may be 
caused by the doubling of total surface density of glazing, while that above 1 kHz must be due to the 
positive effect of double layers. On the other hand, this double glazing has a resonance frequency, 
which causing the significant drop between 250 and 500 Hz. In addition, a rise of Dfree is seen at 25 
Hz in both rooms, which may be due to stiffness control of the whole structure of the house. On the 
whole, the influence of the window system will be small at low frequencies because the surface 
density of the façade wall is relatively comparable to those of glazing.

LFL Lin,5 cn [dB]  Llg 12
33 101010 1010/ /
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Figure 3 – Outdoor sound pressure levels around Room A, relative to the reference level in the free 

field: (a) S1~S4, (b) S5~S9, (c) S10~S13

Figure 4 – Outdoor-to-indoor level difference of Rooms A and B, calculated by the default procedure

4.3 Correction Level by the Corner Method
In the previous section, outdoor-to-indoor level difference was calculated with the default 

procedure regardless of frequency range. Although the ISO applies the low-frequency procedure in 
50 to 80 Hz bands, the corner method is tentatively applied over all frequency bands, and the 
behavior of the correction value is observed. As is mentioned in Chap. 3, the two kinds of values, 
LLF,max and LLF,ave, are calculated by Eq. (1), and used as indoor sound pressure level of the room. 
Corresponding to those values, the outdoor-to-indoor level differences, DLF,max and DLF,ave, are 
calculated with the free-field reference level in the same way as Dfree.

Figure 5 shows the differences of DLF and Dfree for the two rooms, that is, the correction levels by 
the corner method using the maximum or average level of corner. It is seen that DLF,ave is 
approximately 0 dB above 500 Hz, which means that the effect of room boundaries is negligible at 
the receiving point 0.4 m away from each boundary. In the lower frequency range, a positive peak 
appears around 250 Hz, and a remarkable negative dip appears around 100 Hz. The former peak will
be due to the destructive interference with reflected wave from the boundaries, which is confirmed in 
details in the last experiment. In the low-frequency range below 100 Hz, the correction value is
negative and tends to approach 0 dB with decreasing frequency, and moreover, DLF,max is about 1 dB 
lower than DLF,ave.
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Figure 5 – Correction levels by the corner method using Lcn,max and Lcn,ave for Rooms A and B.

4.4 Sound Pressure Levels in Corners
In order to examine the variation of sound pressure level in eight corners (C1~C8), the maximum

(Lcn,max), the average (Lcn,ave), and the minimum (Lcn,min) levels, relative to the average level in the 
central zone (Lin,5) in each 1/3-octave band are shown in Figure 6. It is seen that the range between
Lcn,max and Lcn,min is less than 4 dB above 500 Hz, whereas it tends to significantly increase up to 10 
dB with decreasing frequency. Furthermore, a great peak and a sharp dip are seen around 100 Hz and 
250 Hz, respectively, both for Lcn,max and Lcn,min. Below 100 Hz, the highest sound pressure level 
occurred in the far corners (C2, C6) to the sound source, and on the contrary, the lowest occurred in 
the near corners (C4, C8). This tendency is consistent with the results for the field measurement of 
airborne sound insulation between rooms by Hopkins [3]. Hence, for the corner method, the highest 
sound pressure level in eight corners could be identified by measuring in the four corners opposite to
the sound source, instead of all corners.

Figure 6 – Maximum/minimum and average sound pressure levels in eight corners, relative to the 

average level in the central zone. Green/red numbers represent the numbers of corners for 

maximum/minimum levels, respectively.
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4.5 Sound Pressure Level around Corners
In order to investigate the effect of the position of the corner receiving point, sound pressure 

levels were measured around the corner by varying the distance from each boundary from 2 cm to 60 
cm identically, and also at the ISO recommendation point. Figure 7 shows the sound pressure levels
around the two near and far corners, C4 and C2, in Room A, relative to those at the nearest point 2 
cm away (Lcn,2cm). It is seen that, as the distance from the corner increases, a remarkable dip shifts to 
lower frequency, which gradually lowers the level below 100 Hz. Thus, it was confirmed that this 
dominant dip is due to the destructive interference, which occurs when the distance from the 
boundaries roughly corresponds with 1/4 of the wavelength.

Figure 8 shows the levels around C4 and C2 in Room B, relative to the average level in the 
central zone (Lin,5). Regardless of the distance from the corner, a significant peak is seen around 100 
Hz, which will be caused by the decrease of Lin,5 due to normal modes in the room. Moreover, below 
100 Hz, the levels around the far C2 are obviously greater than the near C4, as is observed in Figure
6.

Regarding the range of 30 to 40 cm specified in the ISO, the reduction level relative to the point 
at the distance of 2 cm is within 2 dB below 100 Hz, in both rooms. Furthermore, no considerable 
difference is observed at the point with unequal distances from the three boundaries. Finally, it was 
suggested that the limitation for near distance and the avoidance of identical distance are not 
necessarily required.

Figure 7 – Change in sound pressure level with varying the distance from the corner, relative to the

level at the nearest point (Lcn,2cm), around C4 and C2 in Room A.

Figure 8 – Change in sound pressure level with varying the distance from the corner, relative to the 

average level in the central zone (Lin,5), around C4 and C2 in Room B
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5. CONCLUSIONS
In order to verify the validity of the low-frequency procedure (corner method) specified for 

determining indoor average sound pressure level in ISO 16283 series, façade sound insulation 
measurements were performed for two rooms in a mock wooden house using a loudspeaker as 
outdoor sound source. Regarding the 5-point average level in the central zone for the default 
procedure as a reference, the deviation of sound pressure levels among all corners, and the influence of 
microphone position in the corner were examined.

Regarding the deviation among the corners, it was considerably great in the low-frequency range, 
and the far corners from the outdoor sound source tend to have higher levels up to 10 dB than the near 
corners. If the highest level among the corners is to be determined, four corners opposite the sound 
may be enough for the measurement. However, it should be noted that the obtained results are in the 
case of a wooden house having light façade walls with low sound insulation.

Regarding the influence of microphone position, it was confirmed that the ISO specification, that is, 
0.3 to 0.4 m from each room boundary, is valid to determine the sound pressure level in the corner.
However, it was suggested that the limitation for the near distance and the avoidance of identical 
distance from each boundary are not necessarily required.

In the corner method, the above two aspects for receiving points will be related with the empirical 
weighting factors in Eq. (1). As a future work, a test measurement using indoor multiple grid points will be 
done to examine the certainty of the sound insulation measurement.
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ABSTRACT 

In apartment buildings and offices is often the task of increasing the sound insulation of walls and ceilings 

from airborne noise. Traditional methods of solving this problem, gypsum board on metal or wooden frame - 

have low efficiency. This is, in particular, due to transmission sound vibrations through the frame and the 

presence of a large number of wall lining elements that must be properly performed during installation. The 

frameless panels for additional sound insulation (ZIPS) were developed in 1999 in Russia. They have high 

rates of additional sound insulation (9...18 dB) depending from thickness of 43...120 mm. This system was 

patented and still is widely in use. In addition, the system provides the necessary durability and ease of 

installation. Over 20 years, the system has undergone several upgrades. The article describes the physical 

principle of the ZIPS-system, the calculation data and laboratory acoustic measurements, latest modification 

of the system with adjustable mounts. 

 

Keywords: Additional, Sound, Insulation 

1. INTRODUTION  

Owners or tenants of premises in apartment buildings or offices regularly face the problem of 

insufficient sound insulation between adjacent rooms. This is due to the fact that  designed floor and 

wall constructions are in practice have much lower sound insulation properties than required. At the 

same time, noise levels in residential premises and offices only increase from year to year.  

The daily work of the authors of this article with the apartment owners complaining to the lack of 

sound insulation allowed us to determine the minimum value of additional insulation of airborne noise, 

which is necessary for a qualitative increase of acoustic comfort. This value is +10dB of R’w index. 

Increasing the sound insulation of load-bearing walls and ceilings by increasing the mass and 

thickness is recognized as not very effective solution, as it usually requires a significant increase of the 

load to the floor and/or foundation resulting sufficiently low values of additional sound insulation (on 

average no more than +6 dB). Therefore, over the past decades, the issues of increasing the sound 

insulation of existing bearing walls or ceilings are solved through the use of multi-layer claddings and 

suspended ceilings, theoretically allowing to achieve the additional sound insulation values more than 

30 dB for airborne sound insulation index Rw. The standard solution, widely used in construction, for 

additional sound insulation is a supporting metal or wooden frame associated with an existing wall or 

ceiling. The front surface of the frame is covered with plasterboard sheets  and inner space between the 

studs is filled with fibrous sound-absorbing material (mineral wool). 

Despite the high additional sound insulation values in theoretical prediction, such constructions 

used on real objects, show relatively low results (no more than 6 dB). The twenty-year study by the 

authors of this article are devoted to the analysis of existing problem and development of alternative 

constructions for more efficient additional sound insulation solution for existing walls and ceilings.  
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2. ACOUSTIC DISADVANTAGES OF A FRAME SYSTEM  
The theoretical substantiation of the effectiveness of multilayer systems for additional sound insulation 

is based on the idea of strictly sequential and layer-by-layer sound transmission through the different layers 

of materials (Figure 1, way A).  

 
Figure 1 – Wall construction with additional sound insulation 

 

On the way A, sound vibrations from the wall 1 are radiated into the layer of sound absorber 2, for 

example, from mineral wool. Then the partially absorbed energy transmits to the sound-reflection layer 3, 

which is made of an acoustically flexible plate material, for example, plasterboard. Significantly reflected 

and scattered sound energy is radiated by layer 3 to the room 4. Moreover, due to the use of thin covering 

boards (up to 20 mm), the effect of abnormally low sound emission (acoustic short circuit) appears for such 

linings in the frequency range up to the frequencies of the wave coincidence. As a result, the calculated 

efficiency of multilayer systems for additional sound insulation is more than 30 dB according to the Rw 

index. 

However, as soon as we consider the actual structure of additional sound insulation construction, a 

bearing wooden or metal frame appears to ensure construction rigidity, flatness and safety. In this case the 

actual sound transmission through the system goes by ways A+B. Sound vibrations simultaneously 

propagate not only sequentially through the 1-2-3 layers (way A), but also through the frame 5 directly 

connected to surface 1 and 3 and further into room 4 (way B). The flexible covering 3, due to the strong 

attachment to the frame, significantly “leaves” the “acoustic short circuit” mode and begins to re-radiate 

more sound waves into the room. Thus, the real efficiency of multi-layered insulation systems has about              

6 dB, which is usually not good enough. The refusal to use the supporting frame keeping the strength of the 

whole construction would significantly increase the value of additional sound insulation of construction 

without increasing it’s thickness and surface density. 

3. ZIPS PANEL SYSTEM 

In 1999 Acoustic Group company in Russia developed and patented a frameless system for 

additional sound insulation for the load-bearing walls and ceilings, which was named ZIPS. The 

principal difference between this system and the known solutions was the frameless method of fixing 

the sandwich panel. The scheme of the ZIPS system is shown in Figure 2. 

The basis of the system is a 1200x600 mm sandwich panel consisting of sound reflecting 1  and 

sound absorbing layers 2, glued together. The sandwich panel without the use of a supporting frame is 

fixed to the wall 7 through vibration isolated attachment points 3, which are made in panel by special 

method at the production site. Each sandwich-panel has a tongue-and-groove joint and eight vibration 

isolated attachment points with silicone material. To the floor 6, ceiling and side surfaces the sandwich 

panels are adjacent through a layer of elastic tape 4. After installation, the panels are closed with a 

finishing layer of gypsum plasterboard 5. 

In compare to usual frame lining the principle of the successive passage of sound energy through 

the sound-absorbing and sound-reflecting material layers in ZIPS system is more effective. Due to the 

elastic attachment through anti-vibration mounts to the wall or to the ceiling, a thin (20 mm) 

gypsum-fiber board of sandwich panel retains the properties of abnormally low sound emission in the 

frequency range up to 1000 Hz.  
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Figure 2 – Two-layers sandwich panel ZIPS 

 

In addition, these attachment points also weaken the direct transmission of sound vibrations from 

the wall to the gypsum-fiber sheets of the sandwich panel. The finishing layer of gypsum board 

increases the value of additional sound insulation by 1 dB for Rw index, furthermore, protecting the 

anti-vibration mounts during the finishing works. Great attention in the construction of the ZIPS 

sandwich panel is paid to the dynamic stiffness of the sound-absorbing layer of mineral wool. It is 

chosen in such a way that, on the one hand, it minimizes the transmission of vibrations through the 

structure of a fibrous material from the wall to the layer of the gypsum-fiber board. For this, the 

dynamic stiffness of the material should be as low as possible.  At the same time, the layer of 

sound-absorbing material should be as rigid as possible in order to avoid the deformations of the 

sandwich panel when mounted on a wall or ceiling. The compromise was found in the dynamic 

stiffness of the sound-absorbing layer, equal to s = 10 ± 2 MN/m3, what was confirmed by the high 

values of additional isolation of the airborne noise. The working range of the ZIPS-system is 

controlled by the thickness of the sound-absorbing layer of the sandwich panel. Depending on the 

modification of the panels, it varies from 20 to 100 mm. This increase in thickness extends the lower 

limit of the working range for the system starting from 125 to 80 Hz. 

20 mm thick gypsum-fiber sheet with a surface density of 25 kg/m2 is used as a sound-reflection 

layer in all models of ZIPS. 

4. ZIPS-SYSTEM COMPUTATIONAL-PHISICAL MODEL  

 

Simultaneously with the development and optimization of ZIPS-system design, the development of 

computational-physical model was carried out, allowing to describe and improve the work of a 

frameless layered sound-insulating system with anti-vibration mounts [1]. 

The matrix method was proposed for calculating sound transmission through a multi-layered 

structure, which is based on the wave method, due to the connection between the values of total sound 

pressure and the oscillatory velocity at the incoming and outgoing boundaries of each layer [2]. The 

passage of a sound wave through each layer is described by transition matrix of the layer. Thus, this 

method allows you to calculate the sound insulation of any desired number of layers, by multiplying 

their matrices (1), Figure 3: 

                                                                            

                                      , 
(1) 

 

где P0Ʃ – the total sound pressure of incident sound wave; V0Ʃ – the oscillatory velocity of incident 

sound wave; Pn+1,Ʃ – the total sound pressure at the output of the structure through n+1 layers; Vn+1,Ʃ – 

the oscillatory velocity at the output of the structure through n+1 layers; S1
(n)

 (αβ), jS2
(n)

 (αβ), jS1
(n)

 

(βα), S2
(n)

 (βα) – coefficients of the total sound-transition matrix obtained by multiplying the matrices 

of each of the n + 1 layers.             
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Figure 3 – To the calculation of the passage of sound through the n - layer structure (1), Z0 and Zn+1 – 

the wave impedances of the layers 

To simplify the practical calculation, a physical model has been proposed, according to which, as 

the wave impedance (2) for flexural vibrations of rigid and wave-thin layers (plate) of the structure the 

geometric mean of their resonant and anti-resonant values is to be used [3]. 

                 

                                              ,  where                                                                                                                 
(2) 

 

                              , (3) 

M = ρh – total surface weight of the plate; ωk, k+1  – resonance frequency of the k-th or k+1 -th 

mode; h –the plate thickness; S – the area of the plate; CL – velocity of longitudinal waves in the plate 

material. 

Also, the computation-physical model allows to calculate the transmission of sound through the 

structure, taking into account the friction that occurs in the vibration isolated attachment points of the 

panels. In this case, the type of friction is assumed to be viscous, characterized for the entire panel as 

the special conventional coefficient of friction (4). 

R = m ω0 η, (4) 

where ω0 – the resonant frequency of the gypsum-fiber layer with anti-vibration attachment point 

with mass m, located on the elastic sound-absorbing material; η – coefficient of mechanical losses in 

the silicone sleeve of the vibration isolated attachment point. 

Based on this theory the computer program was developed, allowing you to get results of additional 

sound insulation and to choose the optimal ratio of components of the ZIPS-systems by changing the 

characteristics of the layers, their number, the magnitude of the coefficient of loss in the silicon sleeve. 

One of the significant conclusions proved with the use of the calculation model is the rejection of 

the use of four-layer sandwich panels in favor of two-layer construction, as double-layer system is 

more optimal in cost/efficiency ratio. Figure 4 shows the calculated graphs of the sound insulation 

using four-layer panels ZIPS-7-4 70 mm and double-layer panels ZIPS-7-2 70 mm on the brick wall 

120 mm. Even though the surface density of ZIPS-7-4 panel is 1,5 times higher than ZIPS-7-2, their 

additional sound insulation is quite similar at low and medium frequencies.    
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Figure 4 – Calculated values of sound insulation for of ZIPS-7-4 (4 layers) and ZIPS-7-2 (2 layers) 

systems on the brick wall 120 mm 

5. RESULTS OF ZIPS SYSTEM ACOUSTIC MEASUREMENTS  

The acoustic characteristics of the ZIPS-7-4 sandwich panel were tested in The Building Test 

Centre (Loughborough, UK) in 1999. Graphs with measurement results are shown on Figure 5. 

The base wall of double gypsum boards on 90 mm thick metal frame had the airborne noise sound 

insulation index Rw = 52 dB. The overall sound insulation of the structure without the finish layer of 

gypsum board on top was Rw = 62 dB. Thus, the index of additional sound insulation of ZIPS-7-4 

model was Rw = 10 dB with a panel thickness of 70 mm. Measured later, in the Nizhny Novgorod 

Architectural and Construction University acoustic laboratory (Nizhny Novgorod, Russia) sound 

insulation characteristics of the ZIPS-7-2 panels showed their efficiency in the region of Rw = 9 dB, 

which was fully confirmed by the calculated data. 

 Investigations by computation-physical model have confirmed the idea to refuse from the 

four-layer system in favor of a two-layer one. Also, the design of the vibration-insulated attachment 

points had to be done more elastic, to prevent the transfer of vibrations from existing wall to the 

gypsum-fiber layer.  

 

 
Figure 5 – Graph of airborne noise isolation of a four-layer sandwich panel ZIPPS-7-4 70 mm                        

on existing wall 
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In 2006, the second generation of panels for additional sound insulation was released: three models 

of double-layer sandwich panels ZIPS-Vector, ZIPS-Module and ZIPS-Cinema, the thickness of which 

was respectively 40, 70 and 120 mm. The system with a two-layer ZIPS-Module panel 70 mm thick 

with a finishing layer of drywall 12.5 mm in the laboratory on the brick wall with the index R w = 50 dB 

showed ΔRw = 13 dB of additional insulation of airborne noise (Figure 6).  Thus, the performed 

studies made it possible to simplify the construction and, with a comparable thickness, obtain the 

increment of additional sound insulation index Rw by 4 dB (+3 dB without taking into account the use 

of a finishing gypsum board layer). 

 
Figure 6 Graph of sound insulation of the ZIPS-Module system 83 mm                                   

(sandwich panel 70 mm + gypsum board 12.5 mm) on the brick wall 120 mm 

 

Indexes of additional sound isolation of the second generation ZIPS-systems are given in Table 1. 

During the period from 2006 to 2016, about 2.000.000 m2 of all modifications of ZIPS-systems were 

produced and delivered to customers. 

 

 

Table 1 – Additional sound insulation of the second generation ZIPS-system 

Model ZIPS-Vector ZIPS-Module ZIPS-Cinema 

System thickness, mm 53 83 133 

Additional Sound Reduction Index ΔRw, dB 10 13 17 

6. THE IMPROVING EFFICIENCY OF ZIPS-SYSTEM 

Along with the release of second-generation panels, research to improve the acoustic efficiency of 

the ZIPS-system did not stop.  Many solutions have been tested, such as the use of viscoelastic 

membranes between sandwich panels and a finishing plasterboard layer, the separation of  20 mm 

gypsum-fiber sheet into two thinner layers of 10 +10 мм or 12 + 8 mm glued together using elastic 

layer. All these options significantly increase the cost of the product. But the index of additional 

isolation is increasing by not more than 1 dB, which in general may be the measurement error.  

However, since the first invention, it was known that there is a reserve for improving the sound 

insulation of a sandwich panel by reducing the rigidity of the sound-absorbing layer. Therefore, in the 

third generation of the ZIPS-III-Ultra system, which was released in 2016, the “soft” layer of the 

sandwich panel with 8 anti-vibration mounts of elastomer (Sylomer) were used. This design made it 

possible to reduce total dynamic stiffness of sound-absorbing layer in combination with high strength 

and stability of the structure. 

The ZIPS-III-Ultra system is shown in Figure 7. The 43 mm thick sandwich panel, 1200 x 600 mm 

in size, consists of the sound-reflection layer 1 and the sound-absorbing layer 2, that are fixed to the 
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brick wall 7 with vibration insulated attachment points 3 through vibration proof joints 8. Each 

sandwich panel has eight vibration insulated attachment points and eight vibration  proof joints. To the 

floor 6, ceiling and side surfaces the sandwich panels are adjacent through a layer of elastic tape 4. 

After installation this construction is covering by 12,5 mm finishing plasterboard 5.  

 
Figure 7 – Scheme of additional sound insulation system ZIPS-III-Ultra 55 mm                         

(sandwich panel 43 mm + sheet of drywall 12.5 mm) 

New solution with point vibration-insulating connections (vibration proof joints) in the design of 

the system gave good results. The index of additional insulation of airborne noise of ZIPS-III-Ultra 

system on the base wall with the initial index Rw = 50 dB was ΔRw = 13 dB at a thickness of 55mm and 

was equal to the efficiency of the second generation ZIPS- Module system (ΔRw = 13 dB). Graphs of 

additional sound insulation of those systems from different generations are shown in figure 8. 

 
Figure 8 – Graphs of additional sound insulation of ZIPS-Module and ZIPS-III-Ultra panel systems 

on a 120 mm base brick wall with initial airborne sound reduction index Rw = 50 dB 

7. ZIPS-Z4 SYSTEM WITH SURFACE ADJUSTMENT FUNCTION 

Since the development of the first ZIPS sandwich panel in 1999, the issue of flatness of the base 

walls or ceilings was remained extremely relevant. The frameless system did not ensure the flatness of 

initially uneven surface and, as a result, the surface with additional sound insulation system 

completely replicated the shape of uneven load-bearing walls or ceilings. No problems appeared if the 

existing surfaces were even, but if, for example, a brick wall had irregularities that appeared during the 

stonework, the wall had to be pre-leveled with plaster layer up to 20 mm thick or more. This action had 

a little effect on the sound insulation, but required the use of additional materials, increased the 

thickness of the entire system and installation time. Therefore, in 2019, a new, patented 

fourth-generation ZIPS system with the function of leveling the surface of walls or ceilings was 

proposed. 
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 The scheme of the construction of the ZIPS-Z4 system is shown in Figure 9. A sandwich panel 

with a thickness of 43 mm and a size of 1200x600 mm, consisting of a sound-reflecting 1 (20 mm) and 

sound-absorbing 2 (20 mm) layers, rests on the wall 7 through adjustable vibration proof props 8 and 

is fixed to the wall at the vibration insulated attachment points 3. 

 

Figure 9 – Scheme of additional sound insulation ZIPS-Z4 system 55 mm with alignment function 

(sandwich panel 43 mm + plasterboard 12.5 mm) 

Access to the six adjustment screws of the props is provided at the front surface of the panel. Each 

sandwich panel has a tongue-and-groove joint, six props and eight vibration insulated attachment 

points. As well as previous generations panels to the floor 6,  ceiling and side surfaces the sandwich 

panels are adjacent through a layer of elastic tape 4. After installation and adjustment, the panels are 

closed with a finishing layer of plasterboard 5 (12,5 mm).  

The proposed design of ZIPS-Z4 on a flat wall has 50 мм thickness and additional sound reduction 

index ΔRw = 13 dB. When leveling the surface with an average irregularity of 30 mm, the additional 

sound insulation index ΔRw increases by 2 dB (ΔRw = 15 dB) due to increase of the actual distance 

between the sound-reflecting layer and the base wall surface. Thus, due to the alignment of the 

finishing surface in the room, there is an increase in the acoustic result of the ZIPS-Z4 system. 

8. SUMMARY 

Frameless systems of additional sound insulation of ZIPS for 20 years  of its application have shown 

themselves to be a reliable, ready-to-use solution for a construction site. The factory production of the 

product with the fastening points, supports and adjusting elements included in the panel design made 

it possible to significantly reduce the loss of additional sound insulation due to poor installation. The 

presence in the system of the finishing layer of plasterboard sheets allows you to apply any kind of 

decorative finishes without restrictions. The reliable system of sandwich panels allows you to mount 

attachments on a finished surface with a load of up to 60 kg per linear meter of construction.   

In general, the additional sound reduction index ΔRw = 13 dB at a thickness of 55 mm on the wall 

with the initial sound insulation of airborne noise Rw = 50 dB is one of the most significant 

achievements for the known systems for additional sound insulation.  

By this time (2019), more than 2,500,000 m2 of ZIPS panels in many countries have been produced 

and installed for our customers. Studies to improve the acoustic efficiency of the additional sound 

insulation system ZIPS will be still continued. 
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ABSTRACT 
The acoustic performance of buildings is increasingly a performance requirement required both in the 
construction of private buildings and public buildings. At international level, in recent years we have 
witnessed the revision and issue of new standards relating to the project phase (forecast calculation) of 
passive requirements based on the ISO 12354 series of standards. At the plant design level, the reference 
standard is represented by EN 12354-5 and ISO 16032 while in the post-operation verification phase the ISO 
16032 and ISO 10052 standards are the reference for the measurements. One of the fundamental aspects to 
achieve high performance is to reach a level of design study that is increasingly detailed and shareable. 
Building information modeling, in addition to being an obligation for some types of work, is increasingly 
used by designers and construction companies, to have a better knowledge of the case on particular and 
methods of execution. The present work presents an overview of procedures that exploit the information of 
the BIM model for the predictive calculation of the acoustic performances of the systems, the verification of 
the legislative limits and the integration of the instrumental data recorded post-operam. The procedures were 
finally tested on a case study. 
 
Keywords: Noise, plants systems, BIM 

1. INTRODUCTION 
The present work aims at analyzing the noise from building plants through the digitized procedures 

for buildings, [1-4] by applying them to test case which has been monitored in design, construction and 
final check stages [5-7]. 

Il Building Information Modeling (BIM) is becoming more widespread at international level as it 
brings considerable savings in time and money at different stages of building life . The BIM data 
format called Industry Foundation Classes, IFC, is an international open standard for BIM data [10] 
which are exchanged and shared among the software applications used by the various participants in 
the building sector or facility management. Such a standard includes definitions concerning required 
data for building in their life cycle. IFC 4.0 version extends and describes the definition of data for 
resources of the infrastructure during its own life cycle. Classes of IFC 4.0 format specify a database 
and a structure of exchange. As describes with BuldingSMART Europe [12], the database is defined in: 

• EXPRESS language for data specification, defined in ISO 10303-11; 

1 mastino@unica.it 
2 rbaccoli@unica.it 
3 andrea.frattolillo@unica.it 
4 marini@uniss.it 
5 antonino.dibella@unipd.it 
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• XML (XSD) scheme, defined in the recommendation for XML W3C scheme; 
While the definition of the EXPRESS scheme is the source and the definition of XML scheme is 

generated with the EXPRESS scheme on the basis of mapping rules as defined in ISO 10303-28. 
Formats of swap files for data exchange and sharing are, according to the conceptual framework:: 

• Clear text encoding for structure of exchange, as defined in ISO 10303-21; 
• Extensible Markup Language (XML), defined in the recommendation W3C XML. 
Alternative formats for swap files can be used if they are compliant with databases. The 4.0 version 

of IFC includes databases, represented as an EXPRESS scheme and a XML schema, and reference data, 
represented as definitions of properties and quantities as well as formal and informative descriptions.    
A subset of database and of reference data is defined MVD (Model View Definition). A special MVD 
is defined to support on or more workflows that are recognized in construction industry and facility 
managements sectors. Each workflow identifies the requirements for data exchange meant for 
software applications.  The compliant software applications have to identify the definition of the view 
of the model to which they conform . The aim of this study is to analyze information included in the 
IFC scheme as regards HVAC systems and plumbing a building can be endowed with by enhancing 
features and shortcomings for acoustic purposes . (BAM – Building Acoustic Model). 

2. BIM IFC STANDARD AND PLANT SYSTEMS 
This specification consists of a scheme defining data types, together with common concepts 

indicating the use of data types for specific scenarios.  This section analyzes such common concepts 
which are applied to entities having a specific use in the context of buildings and generate noise of 
plant engineering nature.  Such concepts form the basis of the views by BIM, which are 
supplementary specifications adapting setting and rules of this scheme to focused interventions within 
the building sector. Each model of concept defines a diagram for entities and attributes, with 
constraints and parameters which are set for special attributes and request types.  Different entities 
within this scheme refer to such conceptual models and suit them to a special use on the bases of 
parameters. For instance the model of concept "Doors" defines the connectivity of the distribution 
system as regards mechanical, electrical and hydraulic systems; a pipe segment defines an application 
of the concept “Doors” having a door as input as well as a door as output. In the case of plant systems  
IFC 4.0 format, browsing among the different domains inside that are listed in the next section,  
defines two specific domains. The former called “IfcHvacDomain” for air conditioning systems and 
the latter called “IfcPlumbingFireProtectionDomain” for plumbing devoted to fire-fighting systems 
and water systems. Some entities and properties which are operated with these domains are sketched in 
figure 1 and 2.   

2.1 IFC scheme “IfcHvacDomain” for HVAC plants   
The IfcHvacDomain scheme defines  the basic objects required to get interoperability within the 

heating, ventilation and air conditioning (HVAC). It expands the concepts defined in the  
IfcSharedBldgServiceElements scheme. The scope of IfcHvacDomain scheme is defined as: 

• Segments, hoses and connections which form the distribution systems for the ducts and pipes  
typically used in the plants for buildings, as air conditioning plants, ventilation and exhaust 
air, service water, steam and water heating, drinking water, waste, natural gas and LPG 
systems, etc…     

• Equipment typically used in systems for construction services, as furnaces, chillers , blowers 
and pumps and vibration isolation associated to this kind of components . 

• Devices for flow and terminal control, as air intakes and grids, variable air controllers valves 
and shutters.  

The following elements, are currently considered out of the scope of IfcHvacDomain scheme: 
• Special industrial and institutional equipment as that used to produce and distribute 

electricity, etc…  
• Provisions to treat hazardous materials as chemical or biological agents. 
• System sequencing system checks for these facilities in addition to what is laid out in the 

scheme of the IfcBuildingControls domain. 

2.2 IFC scheme “IfcPlumbingFireProtectionDomain” for plumbing 
The IfcPlumbingFireProtectionDomain scheme is part of the Domain Layer of IFC model. It 

extends ideas regarding construction services which have been outlined in the 
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IfcSharedBldgServicesElements scheme. And it defines concepts in the plumbing and fire-fighting 
fields. The purpose of IfcPlumbingFireProtectionDomain, in conjunction with other schemes related 
to services for buildings, is the provision of hydraulic and fire-fighting services to buildings. In case of 
plumbing, the scope includes the provision of services outside the building until the gutter where the 
connection to the public network for drain/sewer is made. Special exceptions, in support of building 
code control have been provides as shown below. In case of fire protection systems, the scope includes 
all services from the node where they are connected to fire department or the point where the local 
water supplier delivers water supply (water meter). In detail the  IfcPlumbingFireProtectionDomain 
scheme supports concepts that include the types of: 

• sanitary elements for personal and public hygiene; 
• traps on gas pipelines to prevent back flows and smell conveyance; 
• interceptor to capture undesired liquids and solids and prevent their flow in drains ; 
• waste disposal units; 
• ventilation as terminal and rainwater pipes at their highest level; 
• automated and hand held terminals which can be triggered to put out the fire ; 
• hydrants that provide a water source for flexible pipes in the event of fire or other temporary 

water supply needs. 

2.3 IFC Property Sets and Type 
All plant entities defined in the IFC format are characterized by a set of data identified Property 

Sets for Objects [9,12], some of them are common to many entities while others are specific of the 
described entity. The task of Property Sets consists of describing how sets of data  (usually defined 
with a name, value and unit of measurement or kind of data) are associated to objects or object types. 
For instance generation systems “IfcEngine” are defined in section 7.5.3.31 of IFC 4.0 scheme in 
buildingSMART [12] e described with Property Sets shown in the table of figure 1.” 

 

Figure 1 – Property Sets for Objects ifcEngine 

 
In addition to property sets entities are described by Types that is entity types to which relations 

that an entity (type) has with other entity types are referred (for instance a circulation pump with 
piping or toilet flushing tank with outflow pipe). By reference to an example with the use of IFC 
nomenclature, with “IfcEngineType” the kind of generator is described while with 
IfcDistributionFlowElementType” type the system type with which the generator is linked is described, 
for instance the distribution system.  By way of example in the table of Figure 2 the types to which 
IfcEngine is linked are listed.   

 

Figure 2 – object types applied to ifcEngine entity 
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Inside Property Sets, as can be deduced from names listed in figure 1, different data concerning 

plant systems performance are reported, under the terms of physical characteristics of components,  
but not only, i.e. as also information related to the sound generated by the component, to its warranty, 
to maintenance program, to environmental issues. 

 

2.4 Encoding of objects 
A fundamental role in digital processes, also in those used for acoustic purposes, is closely related 

to the classifications of all objects inside models. Classification systems serve to encode in an 
unambiguous manner objects, entities, processes, functions digitally operated. Worldwide there are 
several systems to classify processes of construction: among the best-known systems which have been 
fitted to the digital procedure UNICLASS, defined in UK by NBS institution, can be mentioned. NBS 
developed a set of tools linked to the digital world applied to constructions. Encoding is of paramount 
importance for acoustic issues both in the design stage for requirements and the finale stage of 
checking. In fact with a proper encoding accompanying the building just since its conceptual stage it is 
possible to analyze and handle the different plant entities and their interactions with entities of 
different type by setting all a series of rules for their own interactions which limit noise transmission 
and generation. 

 

3. NOISE DATA OF PLANT ENGINEERING IN IFC FORMAT 
From the point of view of the noise emitted and generated by the systems, the IFC format mainly 

includes two sets of data named "Pset_SoundAttenuation" (figure 3 [12]) and "Pset_SoundGeneration" 
(figure 4 [12]), within these PSets frequency values in Table form are referred to concerning sound 
attenuation and sound power emitted. The variables inside the two PSets are reported in the fiigures 3 
and 4 in full. 

 
Figure 3 – Variables Pset_SoundAttenuation 

 

Figure 4 – Variables Pset_ SoundGeneration 
 

The variables included in the IFC format, in addition to serving as rated data of the plant 
components, can be used within the forecasting calculation models in the design phase , described by 
the UNI EN 12354 series ( figure 7), with particular reference to part 5 [11]. 

3.1 The reference standards 
The reference standards for plant noise can be divided into standards for the design of technical 

solutions, standards for the forecasting estimation of sound levels and, finally, standards for the 
measurement of plant noise. 

The standard EN 12354-5: 2009. Building acoustics - Evaluation of the acoustic performance of 
buildings starting from the performance of products - Sound levels due to technical instllations is 
intended to provide a practical approach for estimating the sound level due to the installations and their 
influence on the soundproofing of a building, providing some indications on the proper installation 
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modes. The standard is addressed to building acoustics experts. According to EN 12354-5, the results 
obtained through laboratory tests according to EN 14366 can be used for the preliminary determination 
of the sound power levels associated with the installations. The difficulty in preparing the document 
(which caused delay in its issue) is due to the following reasons: 

 constructions provide for a high number of structural types; 
 buildings provide for a high number of plant configurations, as well as construction 

techniques for installations very varied and sometimes chaotic . 
The application of the calculation model is in any case very complex since the necessary data are 

difficult to find on the market and difficult to interpret. For the design of the discharge systems the 
reference is the European standard EN 12056 composed of 5 parts. Moreover for the analysis of the 
noise produced by installations the reference standards are: 

 DIN 4109:1989 (together with DIN 52219:1993) 
 UNI EN 14366:2004 

They define the measurement methods and the evaluation of results. The main difference between 
the two test standards consists in the mass of the reference wall. DIN 4109 provides for 220 kg/m², 
while UNI EN 14366 provides for 250 kg/m². For the field measurements (in situ) of the plant noise the 
reference standards are: 

 ISO 10052 Acoustics -- Field measurements of airborne and structure borne sound 
insulation and of equipment service sound -- Survey method; 

 ISO 16032 Acoustics -- Measurement of sound pressure level from technical installations 
in buildings -- Engineering method. 

These last standards were used to carry out in situ checks for the case study 
 

4. PROCEDURES AND CASE STUDIES 
The case studies consist of two buildings; the former is made respectively for the most part with a 

load bearing structure in CLT (cross laminated timber), formed with two bodies of the building, each  
with four flats. The two bodies of the building, are staggered due a different altitude but are alike as 
plant structure and distribution of spaces is concerned. The bodies of the building are shown in figure 
5. The latter is made almost entirely in reinforced concrete and is a public building used as container of 
classrooms and offices at the University of Cagliari. Its modeling is shown in figure 6.  

 

Figure 5 – case study 1 in steps: architectural BIM model, construction phase, work completed 

 

4.1 Design e construction stage 
The difficulties, already highlighted in section 3.1, found in obtaining input data to apply the 

prediction modeling described with  EN 1235-5 led to use digital procedures to give to plant objects a 
whole range of performance requirements in order to reduce the noise and vibrations generated and 
conveyed by the building  structure. In figure 6 the plant model for the two buildings is shown. Such 
a model, in addition to its capability to be populated with all the needed data for EN 12354-5 standard 
can be populated as well with a whole series of “dynamic” information which concern a differential 
behavior of objects and systems depending on how they are placed into the model and linked with 
other model (architectural, structural).  
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Figure 6 – Architectural and plant BIM model for case study 2 

The design phase for acoustic requirements, demands that the model is populated with all a series of 
parameters that are specified in the reference standards. In figure 7 a flow diagram is shown, with the 
different quantities needed for the BPM designed to the acoustic calculation, stressing the minimum 
content and property sets that have to be included to allow for calculation. 

 
Figure 7 – flow chart and reference data standards for acoustic BPM or BAM
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4.2 Testing phase at completed work  
Tool check at completed work have been carried out by the reference standards [sec.3.1] exploiting 

the derived BAM to draw microphone positions and geometries concerning rooms where 
measurements have been performed. In this phase merging of different BIM models was carried out, as 
reported in figure 7, to allow for the study of interactions and for the building analysis aimed at 
applying survey procedures such as determining rooms where to perform measurements and drawing 
up digital survey sheets intended to a following stocking of acoustic data into the BIM model.  

 
Figure 8 – merging of architectural and plant engineering BIM  

 
The survey stage ended by associating the measured data to the digital model of the building. Such 

a stage is sketched in figure 9. 

Figure 9 – Scheme to associate results of measurements to BIM model 

5. CONCLUSIONS 
In the present work BIM procedures aimed at their use as BPM for acoustic issues have been 

analyzed, more generally aimed at the use of information from BAM model (Building Acoustic Model), 
to ease the design procedure and instrumental verification in place. 

From the analysis carried out about the data format IFC, recognized by ISO 16739 [p12] as  BIM 
format, it was found that different data regarding the performance of plant systems and of a single 
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component are not represented for each of them in such a format. This aspect, which could be taken as 
a not relevant shortcoming for the main aim of work management to which BIM is primarily addressed, 
according to author’s opion plays a fundamental role in the informed choice of components by the 
operators and in the description of the potential of each component. 

The proposal that we intend to carry on with the present work, is to put new Psets inside the 
standard, able to describe the performance of each single plant component; such inclusion would allow 
for the use of these data for design or analysis calculations, avoiding that each manufacturer placed on 
the market plant components with customized Psets which make it difficult to compare products  for 
selection by designers. The standardization of performance parameters, would enable in any case, as 
IFC is an open format, all makers of components or plant systems to insert, in addition to standard 
parameters, the performance features of their products as already as is the case of building 
components. 

In conclusion the presented work analyzed the IFC data format, focusing the attention onto the 
HVAC systems and plumbing. They were found to be detailed inside the data format by 66 typologies 
and several Sets of descriptors, many of which are common to the different described entities. As far as 
the variables needed to express energetic and acoustic performance are concerned, the above analysis 
pointed out the shortage of various parameters provided for the current standards of design. They 
could be integrated into the IFC format to make possible its use also for purposes related to 
performance calculations or to improve the mere performance comparison among the same entities.   
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ABSTRACT 
In recent years, wastes reduction and their conversion into new resources are becoming a major requirement 
for our society. A considerable interest is focused on the use of recycled textile materials in building products 
and on their potential application as absorbing acoustic material. In developing innovative products it is not 
only important to recycle, but also to manufacture devices with recycled content. The challenge is the use of 
textile waste fibers and nontoxic binder to obtain composite materials with less social, economic and 
environmental impact. In this paper 100% merino wool wastes bounded with chitosan are investigated to 
obtain sound absorbing materials, particularly for the acoustic refurbishment of the open-office spaces. The 
use of chitosan instead of synthetic and plastic elements represents a valid solution to obtain bio-materials for 
optimizing buildings environmental sustainability. The acoustic performance of innovative composite 
materials were investigated. Measurements of normal incidence sound absorption coefficient were carried 
out by means of a standing wave tube, according to ISO standard 10534-2. Experimental results were very 
promising, showing absorption coefficient higher than 0.5 at frequencies above 500 Hz. This proved that it 
could be possible to produce sustainable alternative to traditional commercial synthetic products. 
 
Keywords: Acoustical parameters, Textile waste, Sustainable composites 

1. INTRODUCTION 
The building sector has a significant impact on issues concerning both the consumption of natural 

resources and energy and the production of solid wastes which are difficult to dispose of (1). Therefore, 
the awareness of having to use materials with less social, economic and environmental impacts has 
been gaining more relevance in the construction and rehabilitation of buildings (2). The growing 
concern for environmental health has encouraged researchers and engineers to look for alternative 
materials developed from natural or recycled resources. As a consequence, agricultural and industrial 
wastes are becoming more attractive in the civil engineering and architectural applications, especially 
in the form of sustainable panels or mats (3). 

The apparel industry can be considered of great relevance for the economy growth of every country 
in terms of trade, employment, investment and revenue; but it is also responsible for the production of 
an enormous quantity of wastes (4). A textile fabric can provoke pollution from the earliest 
manufacturing process (pre-consumer waste) to the end of its useful-life, particularly due the “throw 
away” culture (post-consumer waste) (5). Charity activities could be a solution able to minimize the 
impact of post-consumer wastes disposal, but innovative policies are needed for the recycling of 
pre-consumer textile wastes. 

The reuse of discarded textile fibers as new raw materials for the production of innovative building 
composites could reduce the environmental impact caused by the construction industry and the textile 
industry, limiting the use of virgin resources and the need for landfill. Apart from the ecological 
advantages, many socio-economic benefits related to the “circular economy” are provided by 
transforming textile by-products in useful added-value goods (4). 

Recently, several researchers carried out studies in order to use textile wastes to find an 
eco-compatible solution to noise pollution issue which increasingly affects the quality of human life 
(6). Trajković et al. (7) produced an insulating material encasing different fabric mixtures in 100% 
polypropylene non-woven structure. It was observed that the absorption coefficients were maximum in 
the range of 1000-2000 Hz and the noise reduction coefficient value was similar to that of others 
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commercial building insulators. Binici et al. (8) compared sandwich-shaped chipboards including 
textile fibers with control chipboards and showed that the addition of fibers improved the sound 
insulation capacity. Tiuc et al. (9) investigated the effects of the addition of textile waste fibers on the 
noise reduction coefficient of rigid polyurethane foam. 

The use of by-products to produce “green composites” has received more attention also considering 
that to obtain good thermal and acoustic performances it is only necessary to mix and keep the waste 
fibers together by means of binding solutions (10). The binders used in the building bio composites are 
often mainly based of epoxy and phenolic adhesive resins with an undesirable environmental impact. 
Binici et al. (11) studied innovative insulating panels obtained by mixing textile wastes and sunflower 
stalks with epoxy. Zou et al. (12) investigated the influence of epoxy plasticizer on the mechanical 
behaviour of cotton/PET wastes composites. Consequently, the development of natural and renewable 
binders able to make a sustainable end-of-life disposal of the construction products is actually the 
greatest challenge and the most important edge of the current research on adhesives. 

The present study investigates the use of chitosan solution to bond 100% Merino wool waste fibers 
in order to produce innovative materials with good sound absorption properties. The choice to use only 
wool fibers mixed with an organic binder ensured an even more ecological recycling process that made 
the final product more sustainable. In fact, thanks to their high nitrogen content, natural fibers can 
decompose in about a year, resulting more biodegradable than the synthetic ones (13). In addition, 
chitosan is a biodegradable, non-toxic and non-water soluble polysaccharide obtained by industrial 
treatment of chitin from crustacean shells (14). Recently, chitosan has received wide attention in the 
area of biobased composites thanks to its good binding properties. El Hage et al. (15) carried out a 
research about new insulating and flame retardant materials from miscanthus and recycled textile 
fibers bonded by chitosan glue. Patel et al. (16) investigated the potential use of chitosan as wood 
adhesive. 
The aim of the paper is the study of the sound absorbing behaviour of the innovative investigated 
materials by means the experimental measurements of their sound absorption coefficients. The 
experimental data where compared with those predicted by phenomenological and empirical 
theoretical models. The paper also focuses on the characterization of the non-acoustical parameters in 
order to better understand how they affect the acoustic behaviour of the composites under 
investigation. 

2. METHODS 

2.1 Sample preparation 
Fabrics waste of 100% Merino wool produced during the garment cutting process by a local 

clothing company, were used to prepare the batting matrix of the innovative composite materials. The 
wool matrix (Figure 1a) was obtained by scouring and carding the fibers derived from a defibering 
process of the discarded fabrics. 

a)  b)  
Figure 1 – Wool batting matrix (a) and woolen innovative composite materials (b) 

A chitosan binder was used to mix and bond the textile fibers. The solution was prepared by 
dissolving 15 g of chitosan flakes into 1 dm3 of water and by adding 0.005 dm3 of acetic acid. The 
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mixture was mechanically stirred for about 60 minutes at room temperature and room relative 
humidity. 

Several cylindrical samples with different density values (ranging between 80 and 197 kg/m-3) were 
obtained by following the molding method (Figure 1b).  The fibers were soaked in the chitosan 
solution and, before placing them in the molds, the excess amount of binder was eliminated by 
squeezing the liquid excess. The same percentages of binder and fibrous matrix (60% and 40% 
respectively) were chosen in order to obtain materials in which textile fibers agglomerated quite 
homogeneously, entrapping air in the fibers network. Finally, samples were dried in an oven at 100° C, 
for one hour. 

For each density value, six cylindrical specimens, 5 cm thick, were prepared. Three of them had a 
10 cm diameter in order to measure sound absorption coefficients at low and mid frequencies and three 
had a 4 cm diameter to evaluate the sound absorption coefficients at high frequencies. 

2.2 Non-acoustical parameters 
Air flow resistance is a fundamental property for determining the sound absorbing behavior of 

porous materials. In the present work the procedure developed by Ingard and Dear (17), based on the 
acoustic waves, was taken into account. The measurement set up consisted of a 5 mm thick 
methacrylate tube, with a 4 cm inner diameter. The tube was divided in two parts; each of them had a 
length of 85 cm. At one end there was a 5 cm loudspeaker (Visaton FRS 5) with a frequency response 
spanning from 150 Hz to 20 kHz; at the other end there was a rigid termination made by 5 cm thick 
methacrylate. The tested samples were assembled between the two tubes. The flow resistance was 
deduced using the transfer function of the two microphones excited taking into account exponential 
sine sweep. All the processing was performed by a custom made Matlab® graphic user interface.  

Porosity, as well as air flow resistance, plays a fundamental role among the parameters to be 
considered in sound absorbing material, therefore it was important to characterize it. ULTRAPYC 
1200-e Quantachrome Helium gas Pycnometer was used to obtain the true density ρtrue of the materials, 
useful for determining their porosity values ɛ: 

ɛ=1-(ρbulk/ρtrue) (1) 
where ρbulk is the bulk density value. 

2.3 Acoustical parameters 
Normal incidence absorption of woolen assemblies was measured according to the transfer function 

method described by ISO 10534-2:1998 (18). Two tubes with different diameters (10 cm, 4 cm) and a 
thickness of 5 mm were used for the test with the aim to consider the largest spectrum range. The tube 
with an internal diameter of 10 cm had a maximum measurable frequency of 2 kHz and it used two 
different microphone distances (6 cm and 20 cm, respectively referring to low frequency limit of 400 
Hz and 50 Hz). The emitting end consisted of an 11 cm loudspeaker sealed into a wooden case and 
suitably isolated from the tube structure by an elastic and protective layer. The second t ube, with a 
diameter of 4 cm, was the same used for the flow resistance measurement. In this case the microphone 
spacing was 3 cm, and the frequency covers a range between 200 Hz and 5 kHz. The receiving 
microphones were the same used in the previously described set up for the measurement of flow 
resistance. All the processing was performed by a Matlab® graphic user interface generating a 5 s 
linear sweep from 70 Hz to 3 kHz, used in combination with the largest tube, and from 500 Hz to 5 kHz 
considering the smallest tube. 

2.4 Prediction models 
The sound absorption coefficients measured in laboratory were compared with those estimated by 

theoretical prediction models. The empirical model proposed by Delany and Bazley (D&B) (19) and 
the phenomenological model suggested by Johnson, Champoux and Allard (JCA) (20-21) were chosen 
for the comparison. In both cases, the absorption coefficients of the investigated fibrous materials 
were obtained after determining the characteristic impedance Zc and the wavenumber k as a function of 
frequency. The D&B theory was chosen because it remains a reference for fibrous materials similar to 
those under investigation which have high porosity values. According to the empirical model, the air 
flow resistivity σ is the only property required to calculate the parameter X=(ρ0f)/σ (ρ0 being air density 
and f being the frequency), needed to determine Zc and k: 

Zc=ρ0c0(1+0.057X-0.754-j0.08X-0.732) (2) 
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k=ω/c0(1+0.0978X-0.700-j0.189X-0.595) (3) 
where c0 is the speed of sound in air and ω is angular frequency. 

Although the model proposed by Delany and Bazley may seem easier than other approaches, it 
could not guarantee an accurate result, since it does not take into account structural parameters of the 
material which instead influence the acoustic performance. Consequently, the 
Johnson-Champoux-Allard model was also selected. According to the phenomenological theory, the 
characteristic impedance and the wavenumber are expressed as a function of the dynamic bulk density 
ρe and the dynamic bulk modulus ke: 

Zc=(ρ0k0)1/2 (4) 
 

k= (ρe/ke)1/2 (5) 
The computation of ρe and ke involves the use of five macroscopic parameters including flow 

resistivity σ, porosity ɛ, tortuosity τ, viscous characteristic length Λ and thermal characteristic length 
Λ’. The two latter characteristic lengths describe the effects of viscosity and thermal dissipative forces 
inside the porous structure. Usually, Λ ≥ Λ’ and in first approximation, Λ’=2Λ. 

3. RESULTS 

3.1 Non-acoustical parameters 
This section shows the experimental results of the non-acoustical parameters in order to better 

understand their effects on acoustical absorption performance of the investigated fibrous composites. 
The value of air flow resistivity (i.e. the air flow resistance per unit thickness) was calculated because 
of its major relevance than air flow resistance for selecting or designing appropriate materials for noise 
control. The airflow resistivity is also an important property required in the most of theoretical models 
for predicting the acoustical behaviour of porous materials. 

A summary of the results of porosity, air flow resistance and air flow resistivity by varying density 
values are shown in Table 1. All values are given as the mean of five different measurements with the 
error representing the standard deviation of the mean. 

Table 1: Experimental non-acoustical parameters values of the investigated materials 

Sample code 
Density,  

kg/m3 

Porosity,  

- 

Air flow resistance, 

Ns/m3 

Air flow resistivity, 

Ns/m4 

S1 80 ±1.0 0.94 ± 0.001 585 ± 35 11690 ± 2206 
S2 122 ±1.2 0.91 ± 0.001 825 ± 98 16510 ± 2679 
S3 145 ±1.6 0.89 ± 0.001 2300 ± 103 46005 ± 9067 

S4 197 ±1.7 0.86 ± 0.002 3313 ± 310 66261 ± 7771 

As it can be observed, although the porosity reduced with increasing density, all materials were 
characterized by a void fraction close to 90%. This was in agreement with the porosity values of felts 
and mineral fiber materials respectively ranging from 0.83 to 0.95 and from 0.92 to 0.99 (22). The air 
flow resistivity values also depended on the density values, increasing with the increase of density. 
However, all tested materials were below 100 kNs/m4, which is the limit of a material for being 
considered as an impervious layer, according to del Rey et al. (23). 

3.2 Acoustical parameters 
Figure 2 plotted the absorption coefficients obtained from the experimental measurements. A 

comparison among all the investigated materials pointed out that the samples S1 and S2 showed a 
sound absorption coefficients trend in accordance with the acoustic behavior of mats with higher 
absorbent performance. This was due to their low air flow resistivity values (11690 Ns/m4 for S1 and 
16510 Ns/m4 for S2) and their surface impedance values as close as possible to the wave impedance of 
the air, allowing sound wave to easily penetrate the material.  
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Figure 2 - Normal incidence absorption coefficients of the investigated materials 

Thus, the application of S1 and S2 composites could be suitable for achieving high sound 
absorption especially in the medium and high frequency ranges. Although the sound absorption curves 
of the two samples were very similar up to 315 Hz, some differences in the location of the first peak 
could be noticed. For S1 sample, a first peak appeared at 1250 Hz, with α raising up to almost the unity; 
while for S2 sample, a first peak appeared at 1000 Hz, with α raising up to 0.92. A preliminary 
comparison was carried out with the expected position of the absorbing peak, as resulting from the 
quarter-wavelength rule, according to which the highest viscous losses are expected at the frequencies 
for which particle velocity is at a maximum on the sample surface. For a 5 cm sample the peak is 
expected at a frequency of 1700 Hz, but the location of the measured peaks shifted towards lower 
frequencies, probably because of the influence of the tortuosity of the materials and their air flow 
resistivity. 

As it can be observed in Figure 2, the sound absorption capability of the S3 and S4 mix decreased 
in the mid and high frequency ranges and increased at low frequencies. At 1250 Hz α was around 0.86 
for sample S3 and 0.73 for sample S4, against 0.99 for sample S1 and 0.92 for sample S2. This was 
because the high air flow resistivity values of the samples S3 and S4 (46005 Ns/m4 and 66261 Ns/m4, 
respectively) increased the viscous and thermal interaction inside the micro pores forming the material, 
but at the same time, the surface impedance also increased.  Consequently, materials with a behaviour 
further from that of a perfect absorbent mats were obtained as a result. 

As anticipated, the prediction of the sound absorption coefficients of the investigated materials was 
carried out by means of the Delany-Bazley and Johnson-Champoux-Allard models. The predicted 
results were compared with the measured data in order to determine, on one side, whether measured 
values were consistent with theoretical expectations, and, on the other, to subsequently use prediction 
formulae to optimize and design more efficient panels. Figure 3 shows the result of the comparison. 
The coefficients used to feed the D&B model, i.e. density and air flow resistance were derived from 
measured values (Table 3). The JCA equations were solved using some parameters, i.e. density, 
porosity and air flow resistance, previously measured and summarized in Table 3. The tortuosity 
values were estimated close to unity according to Willie et al. (24). The shape factor and the 
characteristic length ratio Λ’/Λ values were adjusted to get the best agreement between the 
measurement and the modeling values. Particularly, Λ’/Λ=2 and the shape factor was 2 for S1 and S4 
samples, 3 for S2 sample and 0.8 for S3 sample. 

As it can be observed in Figure 3(a), the experimental results were in agreement with the theoretical 
approaches, particularly with JCA model which allowed a more accurate est imated trend than D&B 
model. Taking into account sample S1, the phenomenological model perfectly predicted the first peak 
at around 1250 Hz. The estimated drop was almost aligned with the measured one at around 2500 Hz, 
although it was underestimated in absolute value. The first peak predicted by JCA model for S2 sample 
was also almost aligned with the measured one, although it was overestimated. 

As confirmed by Figure 3(b), both selected models could be considered valid to predict the 
frequency responses of the samples S3 and S4, characterized by higher flow resistance values. 
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a)  b)  
Figure 3 – Normal incidence absorption coefficients of S1, S2 samples (a) and of S3 and S4 samples (b) 

Figure 3 shows that the two selected models estimated the sound absorption coefficients trend of 
the two denser materials (S3 and S4) almost with the same good accuracy. On the contrary, the JCA 
model performed better than the D&B model when applied to the absorption curves of the less dense 
materials (S1 and S2). This was probably due to the greater detail of the JCA model which took into 
account some additional structural parameters (i.e. the porosity and the tortuosity) which affected the 
acoustical behaviour of the less dense materials than the denser ones. 

The effect of varying thickness on the sound absorption property of S1 and S2 samples, according 
to the prediction model proposed by Johnson, Champoux and Allard, was evaluated. The thickness of 
the fibrous materials is among the most influencing factor on their sound absorbing capacity (25). The 
phenomenological model was selected to predict the trend of the absorption curves when the thickness 
of the samples became 25 mm, 75 mm and 100 mm. JCA model was chosen because of its good 
agreement with the experimental data previously measured. As shown in Figure 4, the sound 
absorption coefficients increased in the low frequency range in accordance with the increase in 
thickness. 

a)  b)  
Figure 4 –Absorption coefficients as a function of different thickness of sample for S1 (a) and S2 (b) sample 

Little variations can be observed could be seen for the sound absorption performance in the medium 
and high frequency ranges. So, after all, the increase of thickness improved the absorption capability 
of the materials at low frequencies, without altering the absorbent properties in the medium and high 
frequency ranges. For this reason, the increase of the thickness could be used as solution to 
compensate for the shortcomings of the porous structure for low frequency sound absorption. As 
confirmed by Figure 4, when the thickness was 100 mm, the first peak already appeared at around 630 
Hz for S1 sample and at around 500 Hz for S2 sample, with an α close to unity. In the same situation, 
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for S1 sample, α raised up to 0.7 at 315 Hz and up to 0.8 for S2 sample at the same frequency. 

CONCLUSIONS 
In this research work 100% wool recycled fibers were mixed using a chitosan binding solution in 

order to develop composites with good sound absorbing properties. Five kind of materials with 
different density values, but the same percentages of binders and fibers contents were produced. 
Non-acoustical parameters were measured in order to better understand how they affects the acoustic 
behaviour of the investigated mats. It was observed that samples with lower air flow resistivity values 
(S1 and S2) showed an acoustical behavior in full accordance with materials with good absorbent 
performance, offering a sustainable solution when great sound absorption in the mid and high 
frequency ranges was required. The samples characterized by higher resistivity values (S3 and S4), 
showed an improved low frequency performance compared with the more permeable samples, and a 
slightly reduced high frequency performance. All the results confirmed the promising application of 
the investigated textile composite materials in the noise reduction field, showing good absorption 
capacity at high or low frequencies, according to the requirement. The experimental data were also 
compared with those predicted by phenomenological and empirical theoretical models . It was 
concluded that the models suggested by Johnson, Champoux and Allard showed better agreement with 
the measured data than the theory proposed by Delany and Bazley. This was verified especially for 
materials with lower air flow resistivity values, whose acoustical behaviour was more affected by 
characteristic parameters of the porous structure. The effect of varying thickness on the sound 
absorption behaviour of S1 and S2 samples, according to the predicting model proposed by Johnson, 
Champoux and Allard, was evaluated. It was concluded that, as expected, an increase in thickness 
improved the absorption capability of the materials at low frequency sound. Further investigations are 
under way to analyze the effect of other binding solutions and different manufacturing processes.  
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ABSTRACT 
Woven Fabrics are potentially to be developed as a sound absorber system because of the presence of micro 
perforation on their surface. By introducing air cavity backing the woven fabrics up, such system can undergo 
Helmholtz resonator mechanism as found in micro-perforated panel absorber. The micro perforations in a 
woven fabric are formed by yarn in x (weft) and y (warp) direction. The perforations can create a 
viscos-inertial effect when interact with sound fields that is useful as a basis for sound absorption mechanism. 
In this study, we focused on investigating the relationship of woven fabric material and manufacturing 
technique properties to associated sound absorption characteristics. For this, natural, semi-synthetic and 
synthetic fibers-based yarn are used to produce woven fabrics. For further investigation, the geometrical and 
physical properties of the yarns and fabrics are characterized. The geometrical properties are characterized 
using a digital microscope while the physical properties are measured using a fabric air permeability, fineness 
yarn, and other textiles testing devices. Meanwhile, the sound absorption coefficients are evaluated by an 
impedance tube using transfer function method. From this study, it can be concluded that the sound 
absorption coefficients of woven fabric are affected by material and manufacturing technique properties. It is 
expected that the results can be beneficial for developing design procedure of development woven fabric 
based on micro perforated panel absorber system.  
 
Keywords: woven fabric, micro perforation, sound absorption, natural, semi-synthetic and synthetic yarns. 

1. INTRODUCTION 
Noise pollution is one of the problem for human and environment [1, 2]. Woven fabrics as acoustic 

absorbers have been used as an absorber material. The relationship of some parameters on woven 
carpet to sound absorption has been investigated by many researcher [3, 4, 5, 6]. Several experiments 
have been carried out by varying the structure and density of woven fabric with absorption coefficient 
below 0.6 [7, 8]. Multiple regression has been used to analyze sound absorption on woven fabric  [9]. 
The combination of woven fabric with other material such as non-woven, felt, foam, knitted fabric, 
membrane, etc. has been carried out to improve sound absorption [10, 11, 12]. Some prediction models 
have been developed related to the woven fabric material [13, 14, 15]. Prediction sound woven fabrics 
have been formulated based on JCA formulation [16].    

In further development, it is important to improve woven fabrics by exploiting the perforation in 
that presence inherently on woven fabric. Because of the presence of micro-perforation on the surface, 
woven fabric has a basis for a viscos-inertial effect that is important as a micro-perforated panel [17] 
Some effort have been carried out to exploit perforation to have micro size. The application of facile 
dip-coating method was carried out to improve micro-perforated on woven fabric [18]. Textile 
composite material was drilled into micro sized to have a benefit on structure and sound absorption 
properties [19]. 
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Maa has developed theory and model to predict sound absorption on micro-perforated panel (MPP) 
[20, 21, 22]. The most important parameter is the perforate constant k, acoustic resistance r and 
frequency fo. Maa also suggests to make minute holes 01-0.3 mm for having wide-band absorption up 
to 3-4 octaves and for low–frequency absorption with a cavity of depth small compared to the 
wavelength.  

In this experiment, woven fabric was developed by variation on yarn and manufacturing technique 
properties to improve perforation to be smaller in micro size. Yarns were varied based on yarn counts 
and fiber type (natural, semi-synthetic and synthetic. The purpose of the research is to investigate the 
relationship between yarn and weft density on absorption coefficient that is very important in 
developing micro-perforated panel. Maa’s model was used to compare between measurement and 
prediction.  

  

2. MATERIAL AND METHODS 

2.1 Materials 
There were 8 combination fabrics from different yarns based on natural, semi-synthetic and 

synthetic fibers. Table 1 shows yarn properties of woven fabric that use as weft yarn (x direction). TR 
(Rayon 35% - Polyester 65%) yarns with count number Ne1 20 were used for all warp yarns (y 
direction).  

In the manufacturing process, the density of woven fabric consists of the number of warp and weft 
yarns in inch. The warp density for all woven fabrics are 98 yarns/inch. The weft density were varied 
from 20, 25, 30, 35, 40, 45, 50, 55, 60, 65 and 70 yarns/inch. The structure for all woven fabrics were 
Twill 3/1.   

Table 1 - Yarn properties 
  

Yarn Category Fiber Yarn count Diameter (mm) 

Cotton Natural Ne1 32/2 0,488 

Wool Natural  Nm 30/2 0.667 

Nylon synthetic 210 D 0.670 

Acrylic synthetic Nm 32/2 0.587 

PE (Polyester spun) synthetic Ne1 10  0.424 

PE (Polyester spun) synthetic Ne1 20 0,352 

Polyester (filament) synthetic 75 D 0.429 

TR (65% Polyester 

35% Rayon) 
Semi-synthetic  Ne1 20 0.357 

 

2.2 Methods 
The air permeability was measured using a fabric air permeability instrument (Textest FX 3300 

LabAir IV) according to ISO 9237 (Textile Determination of the Permeability of fabrics to air). The 
thickness was measured using a fabric thickness tester (Teclock) according to ISO 5084 (Textile 
Determination of thickness textiles and textile products). The geometrical properties are characterized 
using a digital microscope. Figure 1 shows magnification image sample woven fabric by a digital 
microscope.  

Absorption coefficient was measured was measured by impedance tube (BSWA SW477) using 
transfer function method according to ISO 10534-1:2001 (Acoustics-Determination of sound 
absorption coefficient and impedance tubes-Part 1; Method using standing wave ratio). The circular 
woven fabrics with a diameter of 30 mm and 100 mm were measured to obtain coefficient absorption 
at low, medium and high frequency. The air gap was 15 mm for all measurement.  
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    (a) Cotton         (b) Polyester           (c) Wool            (d) Nylon  
 

Figure 1-Magnification of image sample woven fabric by digital microscope 

  

3. RESULTS AND DISCUSSIONS 

3.1 Effect of yarn on acoustic absorption  
Figure 1 shows acoustic absorption of woven fabrics with natural, semi-synthetic and synthetic 

fiber-based yarn with the same number density of 20 weft yarn/cm (x direction) and 40 warp yarn/cm 
(y direction). Woven fabric from natural fiber-based yarn has a good sound absorption. From low until 
mid-frequency, wool fabrics have the highest absorption coefficient with the lowest diameter 
perforation of 0.05 mm. At the frequency of 3000 Hz wool fabrics have the highest absorption 
coefficient 0.96 and then gradually decrease until reach the absorption coefficient of 0.29 at the 
frequency 6300 Hz. Meanwhile, cotton woven fabric has also good performance of the sound on 
absorption. Cotton woven fabric has the highest absorption coefficient of 0.96 at the frequency of 4250 
Hz.  

 
Table 2 – Physical properties of woven fabrics with 20 weft and 40 warp density  

  

Fabric Weight (g/m2) 
Diameter Perforation 

(mm) 

Air Permeability 

(cm/s) 
Cotton Ne1 32/2 208 0.17 68.2 
Wool Nm 30/2 288 0.05 29.1 

Acrylic Nm 32/2 292 0.05 10.2 
Nylon 210 D 295 0.08 44.7 

Polyester 75 D 184 0.17 100.0 
PE Ne1 10 258 0.15 78.1 
PE Ne1 20 189 0.17 79.4 
TR Ne1 20 187 0.17 87.7 

 
 
Nylon woven fabric as synthetic yarn has the highest absorption from mid until high frequency than 

the other woven fabrics. Nylon woven fabric has the highest absorption coefficient of 1.00 at the 
frequency of 3350 Hz and 3550 Hz. Although the absorption coefficient of nylon fabric after the mid 
frequency gradually decreases, but it still has the absorption coefficient of 0.73 at the frequency of 
6300 Hz. Polyester woven fabric has the lowest sound absorption than the others. Semi -synthetic TR 
woven fabric, based polyester and viscous fiber, has medium performance. It has the highest 
absorption coefficient of 0.86 at the frequency of 4500 Hz.   
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Figure 2- Effects of yarn count and fiber based on sound absorption characteristics 

The other property of yarn that is also important in the manufacturing of woven fabric is yarn count. 
Figure 2 shows the absorption coefficient of woven fabrics from the same polyester yarn (PE) with 
different yarn count. Yarn count indicates the mass per unit length or the length per unit mass. It 
expresses the fineness or coarseness of yarn. It can be seen from low until high frequency absorption 
coefficient between yarns almost the same. At the frequency of 5000 Hz, the absorption coefficient of 
both yarns are 0.83 and 0.84. The sound absorption of both yarns show the difference after the 
frequency of 5000 Hz. Woven fabric with yarn count Ne1 20 has higher absorption coefficient than Ne1 
10. The higher the yarn count the finer the yarn is.      

 

 
Figure 3-Sound absorption polyester woven fabrics with different yarn counts 

 
It is also interesting to show different yarns with the same yarn counts. Figure 3 shows the 

absorption coefficient of woven fabrics from the same yarn counts, Ne1 20, with different fiber. It can 
be seen that woven fabrics from synthetic yarn of 100% Polyester (PE) has a slightly higher sound 
absorption than the semi-synthetic yarn of 65% Polyester 35% Rayon (TR) especially at 2000 Hz until 
high frequency. This effect must be further investigated more detailed to have better understanding the 
significance and the properties of yarns that contribute to the absorption coefficient.   
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Figure 4-Sound absorption woven fabrics with different fiber 

 

3.2 Effects of weft density on acoustic absorption 
The geometry woven fabric can be affected by the yarn density in the structure of woven density. 

Yarn density is a number of weft and warp yarn in square (cm). In this experiment, warp density is 
constant of 40 warp yarn per cm but weft density (TP) was varied. Figure 4 show effect weft density on 
acoustic absorption in TR woven fabric. The form of sound absorption all woven fabric are curve. It 
can be seen that the increasing of the weft density results in increasing sound absorption. In the 
mid-to-high frequency, weft density TP 65 has the highest curve sound absorption and the lowest for 
weft density TP 20. The highest absorption coefficient 0.98 was obtained at frequency 3750 Hz by weft 
density TP 65. It is also interesting althought the weft density TP 70 is the highest weft density but in 
mid-to-high frequency performance sound absorption under weft density TP 65. 

 
Table 3 – Material properties of woven fabric TR Woven Fabric 

  

Fabric 
Weft density 

(yarn/cm) 

Diameter 

Perforation 

(mm) 

Weight (g/m2) 
Air Permeability 

(m3/m2/s) 

TP 20 8 0.342 144 3.3750 

TP 25 10 0.292 153 2.7970 

TP 30 12 0.240 160 2.3200 

TP 35 14 0.218 166 1.8780 

TP 40 16 0.200 172 1.4770 

TP 45 18 0.171 180 1.1090 

TP 50 20 0.167 187 0.8774 

TP 55 22 0.151 195 0.634 

TP 60 24 0.135 203 0.4348 

TP 65 26 0.121 210 0.3572 

TP 70 28 0.103 219 0.2221 
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Variation in weft density will change the perforation. Perforation in woven fabric is formed by the 
intersection between weft and warp yarn. When weft density increases, it makes perforations smaller. 
The smaller perforations create more a viscos-inertial effect when interacting with sound fields that 
are useful in sound absorption mechanism. 

 

  
 

Figure 5-Effect weft density on sound absorption woven fabric  
 

3.3 Prediction by Maa’s model 
Maa’s model is used to analyze the sound absorption of woven fabrics. Table 3 shows the diameter 

and perforation ratio as input parameter in Maa’s model. Figure 5 shows the measurement and 
prediction by Maa’s model for TR 20 Woven Fabric with air cavity 15 mm. It can be seen from the 
figure that for TP 70 Maa’s model can well predict behavior of absorption coefficients, but for TP 65 
there are a slightly gaps between measurement and model. Further development must be carried out to 
solve the gap. Overall this result is important as a basis to develop of woven fabrics based on micro 
perforated panel absorber system.  

 
Table 3 – Physical properties of woven fabric TR Woven Fabric 

  

Fabric 
Weft density 

(yarn/cm) 

Diameter 

Perforation 

(mm) 

Perforation Ratio 

(%) 

TP 65 26 0.121 4.12 

TP 70 28 0.103 3.33 
.  
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(a) Weft density TP 70              (b) Weft density TP 65 

Figure 6- Validation results using Maa’s model Prediction (--) and Measurement (--)  
 

4. CONCLUSIONS 
In this study, it can be concluded that yarn and weft density affect to the sound absorption 

coefficients of woven fabric. Overall, woven fabrics have a potential as absorber based micro 
perforated panel system. It is important to have a range for amplitude and bandwidth in which the yarn 
and material come into play. The development of MPP based on woven fabrics is rather different from 
that of the conventional from solid material. Moreover, Maa’s model is not always successful to 
predict its behavior. Hence, it is suggested to improve the model. 
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Sound Absorption Characteristics of a Back-Perforated Honeycomb 
Panel with an Air-Layer 
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ABSTRACT 
A honeycomb panel has a high potential in noise control engineering as well as in any other engineering 
fields. This paper demonstrates that a Back-Perforated Honeycomb Panel(BPHP) placed with a back air-layer 
exhibits unique absorption characteristics composed of the combination of panel- and resonator-type 
mechanisms. A BPHP is theoretically modeled as a two-mass system composed of panel and resonator’s neck 
masses, and multiple air stiffness. First, resonance mechanisms are clarified from the model. It is revealed 
that the panel-type resonance can arise from the panel mass and air stiffness corresponding to the total 
thickness of the panel and air-layer, even if a BPHP is placed considerably closely to the back wall. Next, 
normal- and random- incidence absorption coefficients are calculated with changing several parameters such 
as perforation diameters, hole pitches, panel thickness, back air-layer thickness and so on. Furthermore, a 
supplementary numerical calculation confirms the validity of the proposed theoretical model. Through the 
case studies, several charts are arranged for effective design of BPHPs as low-frequency sound absorber. 
 
Keywords: Sound absorbing material, Sound absorption coefficient, Honeycomb panel, Perforated plate 

1. INTRODUCTION 
With the expansion of acoustic design, a variety of acoustic materials have been actively developed 

for high performance, lightness, durability, weather resistance, recycling and so on. One of such 
materials is a honeycomb plate (sandwich panel having a honeycomb core) that possesses lightweight 
and high rigidity at the same time. This feature is advantageous for structural or exterior materials in 
various fields such as transport vehicle, construction and so on. In the field of acoustics, there have 
been various utilizations proposed based on interesting mechanisms and ideas. For instance, a 
honeycomb cores are used as the wave guide in the double-leaf panels [1,2], which leads to increase 
of the insulation performances. Another implementation is that a Helmholtz resonator is composed by 
replacing the one surface of a honeycomb sandwich panel by a micro-perforated plate(MPP) [3]. The 
latter is becoming a practical use because it can be easily realized by perforating the plate surface of 
the honeycomb plate instead of using MPP. This type panel is noted PHP in the following. 

PHP is usually installed with the perforated surface facing the indoor side to make use of resonator-
type absorption. On the other hand, the authors have found that when PHP is installed with an air layer 
directing its perforated side to the air layer side, a unique sound absorption characteristic can be 
obtained by the composite mechanism of the resonator type and plate vibration type.  We named this 
structure as Back-Perforated Honeycomb-Panel (BPHP). This paper presents a simple theoretical 
model based on a lumped parameter system to calculate the absorption coefficient for BPHP. Based 
on this model, resonance mechanisms and absorption characteristics are clarified in detail. The 
proposed model is also validated by the numerical analysis. Finally, through the case studies, several 
charts are arranged for effective design of BPHPs as low-frequency sound absorber. 

                                                        
1 4709384469@edu.k.u-toyko.ac.jp  2 sakuma@k.u-tokyo.ac.jp  3 inoue@env-acoust.k.u-tokyo.ac.jp  
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2. THEORETICAL ANALYSIS 

2.1 Formulation 
Figure 1 shows the definition of various parameters and the lumped constant model.  The equations 

of motion to the whole of PHP and to the neck mass are given by the following Eqs. 1 and 2, 
respectively. The continuity condition between the normal particle velocity of incidence field and the 
vibration velocity of the PHP is given by Eq. 3. 

 (1) 

 (2) 

 
(3) 

where Pi and Pr are the incident and reflected wave amplitude, respectively. ms is the area density of 
PHP. mn is the effective area density of the neck, and csn is the viscous damping coefficient of the 
neck, which is given as follows based on the Allard–Ingard model as follows. 

,  

,  

where Sn is a hole area, and St, Sh is a honeycomb area of internal and external measure, respectively. 
r and ln are hole radius and neck length.  and 0 are viscosity coefficient and density of air. The 
stiffness constants ksn, knc, kscn and ksc are expressed as follows.  

 
 

  
where c0 is the speed of sound. The stiffness constants are reasonably approximated because the 
dimensions of each part are sufficiently smaller than the wavelength. It should be noted that the above-
mentioned inertia and resistance corrections are derived for the hole on the motionless baffle. 
Therefore, the validity of using these corrections will be verified in the next section in comparison 
with the detailed model by numerical analysis. In this paper, unit amplitude incident sound pressure 
(Pi = 1) is given, and the simultaneous equation of Eqs. 1 to 3 is solved by the direct method to 
calculate the complex reflectance. 

 
 

Figure 1 – Problem settings for the theoretical calculation of absorption coefficients of a BPHP.  
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2.2 Resonance Mechanism and Frequencies 
The BPHP system without damping and under free vibration is given as the matrix form as follows. 

 
 

Two resonance frequencies of this system are obtained as the frequency at which the determinant of 
the left side matrix becomes 0. Hereinafter, these frequencies will be referred to as f1 and fh (fl < fh), 
respectively. Figure 2 shows the changes of the resonant frequency fl, fh with respect to the panel 
perforation ratio. The asymptotic curves obtained by approximation in terms of the perforation ratio 
are also shown. It can be seen that the equivalent resonance systems are different before and after a 
certain perforation ratio ( ).  

 
(4) 

In , two resonances are brought by the single resonator (fll) and by the plate resonance (fhl) 
with Lc as an air layer. On the other hand, in , two resonances are brought by the resonator 
neck (mass) and two springs of the resonator cavity and the back air-layer (spring)(fhh) and by the 
plate resonance with total air layer Ls+Lc (flh). 

 

 
Figure 2 – Relation between the perforation ratio and eigen-frequencies of a BPHP. 

 

 
Figure 3 – Problem settings for the theoretical calculation of absorption coefficients of a BPHP.  

 

63 125 250 500 1k 2k
Frequency  [Hz]

10
-5

10
-4

10
-3

10
-2

Pe
rfo

ra
tio

n 
ra

tio
 [ 

]

(a) Perspective

x
y

z

Lc
Ls

ln

ln

Γv

ΩA

ΩE

ΓIF

ΓVBL

ΓSlip

ΩA

ΓSlip

ΓRigid

ΓRigid

ΓRigid

ΓRigid

(b) Domain notation

Δx = 20 mm

100 mm
R1 R2

Ls Lc

3468



 

3. COMPARISON WITH FINITE ELEMENT MODEL 

3.1 Formulation of the Numerical Analysis 
The finite element analysis is performed by setting an impedance tube problem as shown in Figure 

3. The formulation of the analysis is briefly noted. 
Acoustic Field : Let us consider the following weak-form of Helmholtz equation for the acoustic 

field in the impedance tube, resonator neck, back air-layer and cavity of the honeycomb panel. 

 
(5) 

where p and k are the sound pressure and wave number in the air, respectively.  denotes the 
outward normal derivative to the sound field. 

Elastic body vibration field : Let us consider the following weak-form of the elastodynamic 
equation for the vibration field of the honeycomb plate. 

 
(6) 

where  ,  E,  , n are a three-dimensional displacement of an elastic body, density, angular 
frequency, and an outward vector with respect to an elastic body vibration field. ,  is a strain 
tensor and a stress tensor, and each component is defined as follows.  

 
 

 
 

where ,  are Lam ’s first and second parameters, respectively. 
Boundary and Continuous conditions : It is essential for this problem to take the effect of the viscous 

boundary layer around the neck into account. Considering the influence of the translational motion of 
the panel, we give the following conditions at the boundary of the acoustic field. 

 

(7) 

where t, b and n are the tangent, binormal and principal normal vector of the local orthogonal 
coordinate system set on the boundary. vn is the normal direction velocity of the vibratory boundary 

v, tan is the nabla operator in the tangential plane, and cV is the square root of the kinematic viscosity 
of air. On the other hand, the following conditions are considered at the elastic body vibration field 
boundary. 

 
(8) 

Although the direct stress fn determined by the deformation is unknown before analysis, the normal 
direction displacement on the slip boundary Slip is zero (u n = 0). So, the boundary integral term 
of Eq. 5 becomes zero. 

Identification of the normal-incidence absorption coefficient : By using the transfer function 
method, the normal incidence absorption coefficient can be calculated from the sound pressure p1, p2 
at two points R1, R2 shown in Fig. 3 (b).  

 
 

3469



 

 

3.2 Comparison of Lumped Constant and Finite Element Models 
The normal-incidence absorption coefficients are calculated for different hole radius r and back 

air-layer Lc. The following parameters are fixed: p = 20 mm, ms = 4.2 kg/m2, Ls = 30 mm, ts = 0.5 mm, 
ln = 1 mm. Figure 4 shows the results of the lumped constant model and the finite element model 
together with the resonance frequencies (fll, flh, fhl, fhh). Two peaks are observed in the absorption 
coefficient approximately around flh and fhh. When the hole radius is 0.25 mm, the Helmholtz 
resonance frequency(fll) of the PHP unit becomes close to the plate resonance frequency(flh), and the 
peak frequencies of the absorption coefficient tend to shift to the low/high frequency range with 
respect to flh, fhh, respectively. And it can be seen that fll and flh are closer as the back air-layer is 
thinner within the range of the aperture ratio  from the equation (4). The tendency of the 
results of the lumped parameter model agrees well with that of the finite element model in any 
conditions. However, under the condition of (a), (d) with a hole radius of 0.25 mm, the numerical 
analysis value has a smaller peak value of the absorption coefficient than the theoretical value, and 
the degree of shift with respect to flh, fhh is also small. Under the the condition of (a), (d), since the 
diameter of the hole and the viscosity boundary thickness in the vicinity of flh are approximately the 
same, it is considered that both models include an error in the movement (inertia/  attenuation 
correction) of the neck air. In addition, the influence of the viscous boundary layer on the bottom 
surface of the acoustic tube ( VBL) is relatively small when the thickness of the back air-layer is 1 mm. 

 

 
Figure 4 – Normal-incidence absorption coefficients calculated for the BPHP with different 

perforation radius and back air-layer thickness combinations.  
Solid-black and dotted-gray lines calculated by the lumped-constant model and the finite element 

model, respectively. FEM results are shown up to 2 kHz.  
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4. PARAMETRIC STUDY 
Since the validity of the lumped constant model has been shown in the previous section, this section 

discusses the basic characteristics and design method of BPHP based on the lumped constant model.  
 

 
Figure 5 – Oblique- and random-incidence absorption coefficients calculated for the BPHP with 

different perforation radius and back air-layer thickness combinations. 
 

4.1 Oblique- and random-incident absorption coefficients 
The oblique- and random-incidence sound absorption coefficients were calculated under the same 

conditions as in Section 3.2. The random incident absorption coefficient was calculated by averaging 
the oblique incident absorption coefficients calculated at each incident angle based on the Paris 
equation. The results are shown in Figure 5.  

Except for the resonance near flh in the back air-layer 1 mm (a ~ c), the spring constant kc of the 
back air-layer increases with the increase of the incident angle, and the peak of the absorption 
coefficient shifts to the high frequency range. Because flh is substantially determined by the PHP 
thickness when the back air-layer is thin. On the other hand, when the back air-layer is thick, the 
degree of shift of the plate resonance also depends on the neck diameter, and the larger the neck 
diameter, the more remarkable. In addition, the shift of the peak of the absorption coefficient at fh is 
about the same under any conditions. In the random incident absorption coefficient, since the weight 
of the incident angle 45  is the largest at the time of total averaging, the peak on the bass region side 
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can be seen around flh at about 45  incident angle. When the shift of the resonance frequency due to 
the incident angle is small (a ~ d), the peak value is also approximated to the value at 45  incidence. 
BPHP is characterized in that even if the back air-layer is very narrow, plate resonance absorption 
equivalent to the PHP thickness can be obtained. At that time, it is easy to apply, because the peak 
frequency of the absorption coefficient at random incidence is almost the same as that at normal 
incidence. On the other hand, when the shift is large (e ~ f), there is a tendency to slightly broaden 
the bandwidth. 

4.2 Discussion on panel design and installation 
Based on the same parameter settings in Section 3.2 as a basic condition, a plurality of parameters 

was changed to calculate peak values and peak Q values of the normal-incident absorption coefficient 
at the resonance frequency fl on the low frequency range. The frequency at which the absorption 
coefficient is a half value of the peak value is difficult to express explicitly from the equation (1)  ~ 
(3), so it was calculated by iterative calculation by iterative method. When the half width is 1/D octave 
band width, the Q value is about 1.41D. After that, assuming three situations, we will consider the 
design and installation of the BPHP.  
 

 
Figure 6 – Absorption coefficient at the eigen-frequency, fl, calculated with changing (a) Ls and r, 

(b) ms and Lc and (c) Ls, Lc and r under the total depth Ls + Lc = 30 mm.  
(Solid and dotted contour lines are drawn for f1 and Q factor, respectively.) 

 
4.2.1 Higher performance of panels 

Figure 6(a) shows the result when changing panel thickness Ls and hole radius r. Although the 
change of the resonance frequency according to the hole radius is slight, the absorption coefficient 
becomes large at a hole radius of about 0.3 mm ~ 0.4 mm. Also, as the Ls is larger, the resonance 
frequency can be designed to be in the low frequency range, and the Q value can be further reduced. 
4.2.2 Installation of existing panels 

Figure 6(b) shows the results when changing the back air-layer thickness Lc and the panel surface 
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density ms. Even if Lc is about 1 mm, the absorption coefficient is very large, and it can be installed 
in close contact with the back wall. It is possible to lower the resonance frequency by increasing Lc, 
ms. However, when Lc is increased, the change in Q value is small but the peak value is small. 
Conversely, when ms is increased, the change in peak value is small but the Q value is large. 
4.2.3 When there is a restriction in the additional thickness 

Figure 6(c) shows the results when changing the panel thickness Ls, the back air-layer thickness Lc 
and the hole radius r. However, the distance from the panel surface to the back wall (the sum of Ls 
and Lc) is constant at 30 mm. Under this condition, it can be seen that the contours of the absorption 
coefficient, the resonance frequency, and the Q value change nearly in parallel. In addition, it is 
difficult to considerably change the resonance frequency in the range where the absorption coefficient 
is large. Therefore, it is considered that setting a parameter having a high absorption coefficient and 
a low Q value allows absorption coefficient to the lower frequency range. As an example, in the case 
of Ls = 10 mm, Lc = 20 mm, r = 0.2 mm, the resonance frequency is 160 Hz, the absorption coefficient 
is 1, and the Q value is 4 or so. At this time, absorption coefficient of 0.5 or more can be obtained 
within the half width (140 Hz ~ 180 Hz).  

5. CONCLUSIONS 
In this paper, we constructed a simple theoretical model with lumped constant system to calculate 

the absorption coefficient for the BPHP. As a result of comparing the normal incidence absorption 
coefficient with the lumped constant model and the detailed model by the finite element method, it 
was confirmed that both corresponded well. After that, through parametric studies, we summarized 
the characteristics of the oblique-incidence and random-incidence absorption coefficients, and 
foundational absorption performance design. Verification by actual measurement is required in the 
future. 
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ABSTRACT 
The Snooze ® sound-absorbing panel is the result of the necessity to characterize an architectural space such 
as offices, corridors, classrooms, hospitals while guaranteeing the required acoustic characteristics using 
renewable materials. An experimental case study is proposed showing how different chooses in panel 
assembly arrangement are affecting its acoustic performance. The proposed procedure allows evaluating the 
acoustic properties of a panel assembly, specifically the rating of sound absorption according to the EN ISO 
11654 i.e. the weighted sound absorption coefficient aw, considering the intrinsic panel characteristics and the 
different types of installation with variable distance from the wall surface behind the panel. While the 
material characteristics can be assessed in laboratory using appropriate instruments as explained, the acoustic 
behavior of the panel due to the geometry and installation solutions are evaluated in actual assembly in 
reverberation chamber according to the standard EN ISO 354. 
 
Keywords: absorption, insulation, measurements 

1. INTRODUCTION 
An architectural space is intrinsically sonorous; it is characterized by its own musicality and 

resonance depending on volumes, materials and shapes that define it. 
The Snooze® panel can be an architectural element that satisfies aesthetic requirements while 

guaranteeing the required acoustic characteristics of the space. It can be successfully used most of the 
times, when solutions to improve the space acoustic quality are taken into consideration and proposed 
only in the executive phase of the project and not together with the architectural design. 

The proposed procedure allows evaluating the acoustic properties of a panel assembly, specifically 
the rating of sound absorption according to the EN ISO 11654 (1) i.e. the weighted sound absorption 
coefficient, αw, considering the intrinsic panel characteristics and the different types of installation 
with variable distance from the wall surface behind the panel.  

The material characteristics are assessed in laboratory using appropriate instruments following 
different standards (2), (3), the acoustic behavior of the panel due to the geometry and installation 
solutions are evaluated in actual assembly in reverberation chamber according to the standard EN ISO 
354 (4). 

2. MATERIALS AND METHOD 
The Snooze® panel is made of hot-moulded polyester fibre, the absorbing material. The shape is 

square 630 x 630 mm with rounded corners (Figures 1 and 2). The absorbing material is then covered 
with a synthetic lining.  

This work aims to report about an assessment procedure for a panel assembly that can help to 
design an assembly able to reach the absorption class A as defined by the ISO 11654, showing the 
influence of different design parameters as the material density, the mounting and the use of a liner. 

The single-number rating specified in this International Standard can be used to formulate 
requirements and to describe acoustical properties of sound-absorbing products to be used for 
applications in offices, corridors, classrooms, hospitals, etc.   

                                                        
1 livio.mazzarella@polimi.it 
2 Maria.cairoli@polimi.it 
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Figure 1: panel without lining 

 

 

Figure 2: panels with the lining on the reverberant chamber floor 

 

The rating is not appropriate when the products are to be used in environments requiring special 
careful acoustical design. In such cases, only complete sound absorption data as a function of 
frequency are satisfactory. 

As the rating curve in this International Standard has as a lower limit the 250 Hz octave band, 
the rating is not appropriate below this frequency. If such low frequencies are of interest, reference 
must be made to the complete sound absorption curve. 

In this paper, much attention is given to the absorption class, but the measured absorption curve 
is also reported. 

In particular, to improve the abortion properties different solutions are considered and combined 
together, without changing the assembly panel shape and dimensions as defined by the Architects; 
these potential improvements are: 

- an higher density of the polyester fiber instead of a low density polyester; 
- the increasing of the air gap behind the panel;  
- a lining improving the sound absorption properties of the panel   

 
As explained in the literature, improving the density of an absorption material, the sound 

absorption coefficient grows up at low frequencies and decrease slightly at higher frequencies (Figure 
3). 

The influence on the acoustic absorption coefficient of the panel assembly has been investigate 
comparing two equally shaped panel assemblies made with different densities (40 kg/m3 and 80 kg/k3). 
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Figure 3: the density effects in a porous panel (fibreboard thickness 40 mm) 

 
Regarding the air gap behind the panel, if a thin porous absorber is positioned such that it has an 

airspace behind it, the composite impedance at the surface of the material, and thus the absorption 
coefficient is influenced by the backing. This influence has been analysed in a comparative way 
assessing the acoustic performance of a pane assembly without and with a specified air gap behind. 

The lining can have different characteristics. It can be transparent to the sound, i.e. the sound goes 
through without any absorption, or it can be characterized by a specific flow resistance, according to 
the EN 29053 (5), which can contribute to improve the overall sound absorption. To assess the 
influence of the usual liner covering such kind of absorber, measurements on the same assembly with 
and without the liner have been carried out. 

3. Results and Discussion 

3.1 Reverberant chamber measurements 
Description of test environment in the reverberant room follows in Table 1: 
 

Table 1: test environment 

Room volume V 191 m3 
Room surface S0 244 m2 
Diffusers surface St 35 m2 
Sound source positions:  4 
Reference test area = 11,1 m2 11,1 m2 

 
Five different configurations are tested: 
- n° 30 panels, density 80 Kg/m3, on the floor, without  lining 
- n° 30 panels, density 80 Kg/m3, on the floor, with lining 
- n° 30 panels , density 40 Kg/m3, on the floor with  lining  
- n° 30 panels with  lining and 200 mm air gap behind, with lining 40Kg/m3 
- n° 30 panels with  lining and 200 mm air gap behind, with lining 80Kg/m3 

 

The results follow in Table 2 and in Figures 4-6: 
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Table 2: Sound absorption coefficient () in third octave bend 

Hz panel, 
density 80 
Kg/m3, on 
the floor, 
without  
lining  

panel, 
density 80 
Kg/m3, on 
the floor, 
with lining  

panel , 
density 
40Kg/m3, on 
the floor 
with lining  

panel with  
lining and 
200 mm air 
gap behind, 
40Kg/m3   

panel with  
lining and 
200 mm air 
gap behind, 
80Kg/m3  

 w 0.70 
Class C 

w 0.80 
Class B 

w 0.80 
Class B 

w 0.90 
Class A 

w 0.95 
Class A 

100 0,05 0,11 0,08 0,15 0,16 

125 0,04 0,05 0,05 0,1 0,13 

160 0,08 0,15 0,14 0,23 0,25 

250 0,36 0,5 0,47 0,59 0,67 

315 0,54 0,73 0,7 0,78 0,9 

400 0,74 0,98 0,93 0,91 0,99 

500 0,86 1,13 1,04 0,95 1,06 

630 1,03 1,21 1,08 0,95 0,99 

800 1,12 1,2 1,14 1,03 1,07 

1.000 1,14 1,18 1,09 1,11 1,14 

1.250 1,11 1,11 1,06 1,11 1,14 

1.600 1,08 1,07 1,02 1,14 1,17 

2.000 1,06 1,06 1,01 1,14 1,18 

2.500 1,02 1,05 1,02 1,15 1,19 

3.150 1,03 1,07 1 1,13 1,21 

4.000 1,02 1,02 0,96 1,1 1,18 

5.000 0,97 1 0,92 1,04 1,13 
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a b 

 
 

Figure 4: panel, density 80 Kg/m3, on the floor: (a) without lining, w 0.70; (b) with lining w 0.80  

 
Figure 5: panel on the floor with lining , density 40Kg/m3, w 0.80 
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a b 

 

 

Figure 6: panel with lining and 200 mm air gap behind, (a) 40Kg/m3 w 0.90, (b) 80Kg/m3 w 0.95 

 

At first, the lining properties are investigated comparing the absorption coefficients of the same 
panel assembly with and without lining, density 80 Kg/m3. The deviation of the absorption coefficient 
is defined as it follows:  

𝐷 = (𝛼 − 𝛼 )/𝛼   (1) 

 
is related to the panel without lining and to the panel with lining 
 

 

Figure 7: absorption coefficient deviation due to the lining 

 

The lining increases the absorption coefficient in all the considered range of frequencies. At lower 
frequencies, the contribution is much more significant but also up to 250 Hz and, at central frequency, 
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there is an improvement that can be considered useful to improve the absorption Class of the panel. 
The second consideration is about the material density. 
The absorption coefficient deviation of the panel assembly on the floor is studied. In this case, is 

related to the panel without lining, density 40Kg/m3, and to the panel with lining, density 80Kg/m3. 
 

 
Figure 8: absorption coefficient deviation due to the material density 

 
The highest absorption coefficient increasing due to the density improvement is at low frequencies 

while up to 250 Hz the phenomenon is present but does not increase the absorption class of the panel.  
The third study is the deviation due to the air gap for both the panels with a density 40Kg/m3 and 80 

Kg/m3 (in
 comparison with the same panels on the floor (.  

 

 

Figure 9: absorption coefficient deviation due to the air gap, density panel 40 kg/m3 
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Figure 10: absorption coefficient deviation due to the air gap, density panel 80 kg/m3 

 
The air gap does not improve the absorption coefficient at central frequencies between 400 and 

1500 Hz, but, because the absorption coefficient increases outside this range especially at low 
frequencies, the sound absorption coefficient, αw increases in both cases.  

 

4. CONCLUSIONS 
The lining proposed at first by the architects, for aesthetic reasons, is considered to increase the 

absorption coefficient and it is introduced in any possible configuration. 
The panel with 40 kg/m³ allows performances between class B and class A where it is progressively 

distanced up to 20 cm from the wall (for example for ceiling applications). Moreover, its absorption 
spectrum on the typical frequencies of the word (from 250 to 4000 Hz) is always higher than 0.5, with 
absorption at the central frequencies of the speech close to 100%, obtaining great effectiveness on the 
intelligibility of the phonemes and therefore of the language. 

The panel with density equal to 80 kg/m³, applied to the wall, allows performance close to class A. 
In particular where it is progressively distanced up to 20 cm (ceiling application), class A is widely 
achieved. The minimum absorption at the medium-low frequencies (250 Hz) is higher than 67%, while 
on the higher frequencies it is always maximum (100%), resulting in the maximum efficiency in terms 
of speech intelligibility. 

For a high acoustic performance space, it is then reasonable to propose the standard weight panel 
with a density of 80 kg/m3 with the standard liner, which gives an A class as result, even if mounted 
very close to the surface. 
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ABSTRACT

Buildings and roads are made of acoustically rigid materials which reflect sound emitted from many sound 
sources and contribute strongly to acoustic environment. In that context, green systems (roofs and walls)  
used for building envelope greening were found to be efficient solutions for acoustic protection in cities  
when applied in a significant urban scale. Green wall systems are usually composed of plants, soils and/or 
air gaps. Below 1000 Hz, sound attenuation is high in soils but much lower in plants and air. Thus, sound 
absorption by green systems varies with the arrangement of plants, air and soil and an efficient broadband 
absorption is only obtained when the arrangement is  optimized. In this work, environmental  (moisture  
content) and seasonal (leaves fall) effects on absorption coefficient are studied for a green wall system. 
Effective properties of plants and soils are measured in an impedance tube using three-microphones-two 
loads method between 100 and 1000 Hz under controlled moisture content for soils and porosity for plants.  
Sound absorption coefficient at normal incidence is then calculated using matrix manipulation. Variation of  
absorption  coefficient  with  moisture  and  porosity  is  provided  for  a  green  wall  system  composed  of 
Japanese spindle and coconut peat.

Keywords: acoustic absorption, green wall

INTRODUCTION
Buildings and roads are made of acoustically rigid materials which reflect  sound emitted from  

many sound sources and contribute strongly to acoustic environment. In that context, green systems  
(roofs  and  walls)  used  for  building  envelope  greening  were  found  to  be  efficient  solutions  for  
acoustic  protection  in  cities  when  applied  in  a  significant  urban  scale  [1-3].  Acoustic 
characterization of green noise barriers performed in situ [1, 3-7] or in reverberation rooms [5, 6]  
revealed  their  good  sound  absorbing  properties.  Laboratory  measurements  showed  that  soil  
substrates  used  in  green  walls  to  provide  nutrients  to  the  plants,  may  have  a  high  absorption  
coefficient with a particular dependence to substrate composition [8-11] and moisture content [10,  
11]. Plants and foliage display a smaller absorption coefficient usually negligible below 400 Hz [8,  
9,  12].  A recent  work showed that  adequate  choice  of  constituents  and geometry  of  a  green  wall  
system may result in an efficient sound absorption in a broad frequency range [13]. The impact of  
environmental  and  seasonal  effects  such  as  humidity  and  presence  of  plants,  on  the  acoustic  
absorption was studied for vegetated roofs [14]. 

This last question is addressed in this work. The following approach is used: measurements are  
carried  out  in  an  impedance  tube  on different  plant  and  soil  samples  in  order  to  determine  their  
effective speed of  sound and characteristic impedance under controlled plant  porosity (to account  
for  leaves fall) or moisture content  (to account for variation of  air humidity). These experimental  
results  are  then  used  to  calculate  the  theoretical  absorption  coefficient  at  normal  incidence  of  a  
composite sample made of a plant layer atop a soil substrate. Effect of plant porosity and moisture  
content on absorption coefficient is discussed and related physical phenomena are analyzed.  

1

bertrand.dubus@isen.fr
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MEASUREMENT METHOD AND SAMPLE PREPARATION
Acoustic characterization of plant and soil samples is performed in an impedance tube using the  

three-microphone two-load method [15-17]. A specific tube of large diameter (192 mm) is used to 
have  a  sample  size  significantly  larger  than  sample  heterogeneities  (leaves,  stones…  [12,  13].  
Sample transfer matrix parameters  are obtained in the 100-1000 Hz frequency range.  Assuming a  
symmetrical and homogeneous material, transfer matrix is written as

[T ]=[T 11(ω) T 12(ω)
T 21(ω) T 22(ω)]=[ cos(kd ) jZ c sin(kd )

j sin (kd )
Z c

cos(kd ) ] ,
(1)

where  k  and  Zc  are respectively the effective wave number and characteristic impedance of the 
the sample medium.  c  is the effective speed of sound in the sample, ω the circular frequency and 

d  the thickness of the sample. Zc  and c  are deduced from measured [T ] matrix using

[Z c](ω)=√ T 12(ω)
T 21(ω)

, (2)

c(ω)= ω d
arccos(T 11(ω d )) . (3)

Figure 1 –  Schematic view of the experimental setup: (a) stainless steel tube; (b) cylindrical PVC disk 

integrating 4 loudspeakers; (c) microphones; (d) sound card; (e) amplifier; (f) computer; (g) flush mounted 

microphone on movable piston; (h) sample holder containing the sample.

 The plant considered in this work is Japanese spindle, an evergreen small shrub with oval leaves  
which are about 5 cm long and 3 cm wide. Porosity of plant sample is evaluated by dividing the total 
volume of the plant (obtained by submerging branches and leaves in a graduated cylinder filled with 
water  and  measuring  the  water  level  variation)  by  the  internal  volume  of  the  sample  holder.  
Branches and leaves are then dried and introduced into the sample holder (Fig. 2a). A piece of tulle  
stretched at the top and bottom ends of the sample holder is used to maintain the plant-air interfaces  
perpendicular  to  the  axis  of  the  tube.  Acoustic  measurements  are  made  for  four  different  
arrangements of the same branches and leaves in the sample holder.

The soil  of  interest  is coconut peat,  a residual  waste of  coconut processing produced from the 
bark. It contains more lignin than other plant fibers, which makes it more resistant and slows down 
its  decomposition.  Coconut  peat  has  several  other  interesting  properties:  high  aeration  even  wet;  
good water retention, capacity to absorb nine times its own volume of water without being soggy,  
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very fast absorption of water when it  is dried, uniformity of the spread of water.  Coconut peat is  
first dried in an oven at 130°C. Then, a controlled amount of water is added to the dry soil. Moisture  
content is defined as the ratio of the mass of added water to the mass of the dry soil. Finally the wet  
soil is placed in the sample holder (Fig. 2b) and tulle nets are stretched on the top and bottom ends  
of  the  sample  holder  to  maintain  the  soil-air  interfaces  perpendicular  to  tube  axis.  Acoustic  
measurements are made for four different samples.

(a) (b) 

Figure 2 – (a) Japanese spindle sample (porosity of 95%); (b) dry coconut peat sample.

EFFECT OF POROSITY ON PLANT EFFECTIVE PROPERTIES
Figure  3  displays  the  real  part  of  effective  speed  of  sound,  the  imaginary  part  of  acoustic 

wavenumber and the characteristic impedance versus frequency of a 8 cm thick dry spindle sample  
for  different  porosities.  For any porosity,  the sample behaves as a non dispersive medium having  
almost constant speed of sound and characteristic impedance the 250-1000 Hz frequency range. For  
porosities decreasing from 0.99 to 0.95, mean value of speed of sound decreases from 300 m.s -1 to 
240  m.s-1 and  mean  value  of  characteristic  impedance  increases  from  510  to  620  Rayl.  Above 
250 Hz,  attenuation  increases monotonically  for  all  porosities  but  remains weak with  a maximum 
value  of  1 Np/m  at  1000  Hz.  Standard  deviation  between  measurements  becomes  high  below 
200 Hz. At these frequencies, some elements of [T ]  get close to zero when kd ≈ nπ/ 2 due to weak 
attenuation. Therefore inversion procedure becomes sensitive to small changes in sample geometry 
or  small  errors  on  phase  measurements.  Experiments  made  on  wet  samples  show  that  effective 
properties of spindle are not significantly modified by moisture.

EFFECT OF MOISTURE CONTENT ON SOIL EFFECTIVE PROPERTIES
Figure  4  displays  the  real  part  of  effective  speed  of  sound,  the  imaginary  part  of  acoustic 

wavenumber and the characteristic impedance versus frequency of a 8 cm thick coconut peat sample 
for different moisture contents. 

For the dry sample, real part of effective speed of sound increases monotonically with from 60 to  
100 m/s in the 100-1000 Hz frequency range. Dry coconut peat behaves as a dispersive medium with 
a speed of sound 3.5 to 5.6 times smaller than those of air in that range. Attenuation in dry coconut  
peat is high and increases from 7 to 30 Np/m between 100 and 1000 Hz. Real part of characteristic  
impedance decreases monotonically with frequency with values ranging between 2.5 and 5 times the  
characteristic impedance of air. 

Experimental  results  obtained  with  wet  samples  show that  coconut  peat  is  highly  sensitive  to 
moisture. Compared to the dry sample, speed of sound is divided by about 2 for a moisture content  
of  15% (Fig.  4a).  This  variation  is  not  uniform with  frequency,  a  transition  taking  place  around 
700 Hz. No significant  change is observed when increasing moisture  content  to 30%. Attenuation  
increases by approximately 60% for moisture contents of 15% and 30% and exhibit also a transition 
near 700 Hz (Fig. 4b). Finally characteristic impedance of coconut peat increases at low frequencies  
and decreases above 600 Hz (Fig. 4c) in the presence of moisture.
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(a) 

(b) 

(c) 

Figure 3 – 8 cm thick plant samples of different porosities: (a) real part  of effective speed of sound; (b) 

imaginary par of effective wavenumber, (c) real part of characteristic impedance. 

Full line: average value; error bars: standard deviation.
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(a) 

(b) 

(c)  

Figure 4 – 8 cm thick coconut peat samples of different moisture contents: (a) real part  of effective speed 

of sound; (b) imaginary par of effective wavenumber, (c) real part of characteristic impedance. 

Full line: average value; error bars: standard deviation.
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VARIATION OF SOUND ABSORPTION COEFFICIENTS BY A GREEN WALL 

SYSTEM  VERSUS PLANT POROSITIES AND SOIL MOISTURE CONTENTS
To evaluate the impact of porosity or humidity variations on the acoustic performance of a green  

wall system, simulations are conducted on a composite sample constituted by a 8 cm thick layer of  
spindle  atop  a  8 cm thick  layer  of  coconut  peat  using previous  experimental  results  and  transfer  
matrix method. Details of the method may be found in [13].

Figure 5 displays the variation of absorption coefficient and surface impedance of the composite  
sample  in  rigid  backing  condition  for  0%  moisture  content  and  various  plant  porosities.  In  the  
absence  of  plant  (100%  porosity),  absorption  coefficient  is  approximately  constant  around  0.7  
between 200 and 1000 Hz. Surface impedance shows that this behavior is the consequence of the  
impedance mismatch between air  and soil  :  approximately 25% of incident energy is reflected on 
air-soil interface. Most of transmitted energy is then dissipated in the coconut peat layer in which  
the acoustic wave is highly attenuated. The presence of plant layer of increasing porosity improves  
impedance matching and absorption.  This  improvement  reaches an optimum when the plant  layer  
behaves as a quarter-wave transformer [13] around frequency  f =c /4d  i.e. 937, 812 and 750 Hz for 
porosities equal to 0.99, 0.97 and 0.95 respectively. The quarter-wavelength resonance of the sample  
around 200 Hz, which constitutes the lower bound of the absorption band, is not affected by plant  
porosity.

(a) 

(b) 

Figure 5 – 8 cm thick spindle layer atop 8 cm thick coconut peat layer in rigid backing condition 

for 0% moisture content and different plant porosities: (a) absorption coefficient; (b) surface impedance.

Red dotted line: air characteristic impedance.
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Figure 6 displays the variation of absorption coefficient and surface impedance of the composite  
sample in rigid backing condition for 95% plant porosity and various moisture contents. The case of  
the dry sample (0% moisture content), already presented in Fig. 5, is characterized by a high (above 
0.8) and broadband (between 200 and 1000 Hz) acoustic absorption coefficient due to the impedance 
matching between air and soil provided by the plant layer. A different behavior is observed in the  
presence  of  moisture.  The  slow-down  of  the  wave  in  the  coconut  peat  shifts  down  the  quarter-
wavelength  resonance  of  the sample  below 100 Hz.  Therefore,  the anti-resonance  peak,  observed  
near 200 Hz on surface impedance curve, increases impedance mismatch between air characteristic  
impedance and sample surface impedance. A larger amount of incident energy is thus reflected by 
sample  surface  and  acoustic  absorption  decreases.  Similar  behavior  was  observed  previously  in 
plant-soil  systems  with  air-backed  cavity  [13].  It  may  be  noted  that  change  of  soil  effective 
properties due to moisture does not affect much the quarter-wave matching effect provided by the  
plant layer.

Figure 6 – 8 cm thick spindle layer atop 8 cm thick coconut peat layer in rigid backing condition for 95% 

porosity and different moisture contents: (a) absorption coefficient; (b) surface impedance.

Red dotted line: air characteristic impedance.
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CONCLUSIONS
The  effect  of  plant  porosity  and  soil  moisture  contents  on  the  sound  absorption  by  spindle-

coconut  peat  composite  samples  at  normal  incidence  has  been  analyzed  using  experimental  
characterization of effective properties and calculation using transfer matrix method. It is found that  
both  the  variation  of  porosity  and  the  variation  of  moisture  contents  affect  significantly  the  
frequency  spectrum  of  the  absorption  coefficient:  1)  the  increase  of  plant  porosity  induces  a 
degradation of impedance matching (between air and soil) provided by the plant layer and therefore  
a decrease of sound absorption between 200 and 1000 Hz; 2) the increase of moisture content causes  
a shift of wall thickness to lower frequencies which lowers absorption coefficient between 150 and  
700 Hz.  The  latter  problem could  be  addressed by  replacing coconut  peat  by a  soil  mixture  less  
sensitive to moisture.
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ABSTRACT 
In recent years the acoustic qualification of buildings has gained more and more importance at international 
level. One of the central elements for determining the sound quality of houses is the insulation against 
external noise. In fact, many issues related to excessive noise in dwellings arise from their inclusion in noisy 
environments, or from their original surrounding environment, which has grown from silent to very noisy 
over the years. The main strategy to limit the noise inside the buildings is the façade insulation improvement. 
Regulatory requirements and classification schemes in Europe present a high degree of diversity. In particular, 
the approach to the façade insulation acoustic requirement adopted is very different in the various countries 
also because it is closely related to the outdoor environmental noise. The main issues related to the façade 
sound insulation are investigated with particular focus to the choice of the descriptors, the evaluation methods 
and their reproducibility. The latter aspect is the more difficult to evaluate. 
 
Keywords: Façade Sound Insulation, Outdoor Noise, Acoustic Classification 

1. INTRODUCTION 
One of the central elements for determining the sound quality of houses is the insulation against 

external noise. In fact, many issues related to excessive noise in dwellings arise from their inclusion 
in noisy environments (1), or from their original surrounding environment, which has grown from 
silent to very noisy over the years. The main strategy to limit the noise inside the buildings is the 
façade insulation improvement (2). 

The sound insulation of the façade can be evaluated according to different procedures; in general 
the related requirements are divided into two main categories, the one relating to the building elements 
performance (global facade or single element of facade), the second relating to the indoor sound level. 
An overview of the different parameters and classification schemes in Europe is given in section 2. 
The many difference of these parameters, also from the metrological point of view, implies first of all 
the understanding of protection degree needed against the outdoor noise. In fact, to guarantee indoor 
acoustic comfort, it is essential to understand the relationship between the environmental noise 
surrounding the building and the degree of the acoustic insulation needed for the facade. In particular, 
it is useful to correlate the external noise determined according to the European Noise Directive (END) 
(3) with the limit values for the acoustic classification of buildings. This is a well-known issue 
considering the ISO work for a new standard on building acoustic classification (4). 

Critical aspects of the evaluation methods for the external level (Lden) have been dealt with several 
studies; Gaja et al. (5) have studied the problem of the external noise sampling, to determine an 
equivalent level over 24-h that is representative of the annual equivalent level. Brambilla et al. (6) 
have dealt with the issue of assessing the accuracy of a short-term sampling to estimate both the hourly 
LAeq and the day and night values. 

Furthermore, considering that the END admits that individual countries may define the time 
periods differently, it is important to establish the correlations between Lden values of the END and 
the ones according to the needs of each government. 

In Italy, for example, Zambon et al. (7) analyzed the procedures for the conversion of day and 
night values to Lden values and the descriptive statistics of the differences between the Lden level of 
the END and the Italian one. 

                                                        
1 c.scrosati@itc.cnr.it 
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Finally, the problem of measuring the indoor level (Lden, indoor) still needs to be extensively studied, 
especially with reference to the microphone positions. 

In this work the preliminary results of a study carried out at the ITC-CNR laboratories on the 
correlation between the sound insulation of the facade, the environmental noise and the level Lden,indoor 
are reported,. 

2. Acoustic requirements for facades 
The facade sound insulation is evaluated in very different ways in European countries. An overview 

including façade sound insulation is summarized in Table 1 (8), where regulatory requirements are 
split into two main categories, the first is related to the performance of the building (façade sound 
insulation), the latter to the indoor sound level. The comparison of different European performance 
descriptors and the influence of acoustic and non-acoustic parameters, has been studied by Scamoni 
and Scrosati (9) and Masovic et al. (10) (11). 

The façade sound insulation descriptors may be divided into two main categories: the former, 
including DnT,w, and Rw expressing the performance (sound insulation of façade) directly, the latter, 
including the indoor sound level, expressing it indirectly.  

 

Table 1 – Overview of facade sound insulation descriptors of 18 European countries 

Requirement’s 
Typology 

N° 

countries 

Measured quantity 

Performance of the building 

facade 
Indoor sound level 

Façade 

requirement 
11 

D2m,nT,w , 
D2m,nT,w + Ctr 

Element façade R'w, Rw 
 

Mixed 1 Element facade R'w, Rw and LA,eq day and night 

Internal level 

requirement 
6  

LA,eq day and night 
Lden 

LpA24h, LpAFmax 

Note: overview information only. Detailed requirements and conditions are found in the building codes of the 
different countries. 

 

2.1 Lden and façade sound insulation 
An example on how to correlate the limit values of external noise level with the façade sound 

insulation limit values can be found in an ongoing ISO work (4) for a new standard on building 
acoustic classification. In this proposal, the sound insulation of buildings against exterior noise is 
described by the DnT,A,tr (=D2m,nT,w + Ctr) indicator, with the class limit depending on the noise level 
of the relevant outdoor source, itself described by the Lden indicator as defined in ISO 1996-1 (12) and 
determined in accordance with ISO 1996-2 (13). 

The formula proposed to validate the correlation between sound insulation of façade and exterior 
noise level is expressed by the Equation 1: 

indoordendennTm LLD ,50,,2 3−+=  (1) 

where D2m,nT,50 is given by the Equation 2: 

315050,,250,,2 −+= trnTmnTm CDD  (2) 

where D2m,nT is the standardized level difference defined in ISO 16283-3 (14); 
Ctr,50-3150 is the adaptation term as defined in ISO 717-1 (15); 
Lden, indoor is the indoor day - evening - night - weighted sound pressure level, with the appropriate 

weighting for the day, evening and night period, in the frequency range from 50 to 5000 Hz, as defined 
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in the END for the Lden descriptor. 
To evaluate the consistency of Equation 1, a study was carried out at the ITC-CNR laboratory, by 

using the average values of the standardized sound insulation, evaluated in the extended frequency 
range (50-3150 Hz and 50-5000 Hz), within a Round Robin Test (RRT) carried out on the same facade 
used for this comparative study (16). 

3. EVALUATION METHODS 
To address the aspects related to the position of the external microphone in relation to the surface 

of the façade (with the consequent effects of sound reflection) and in relation to the position normally 
adopted for standardized level difference measurements of the façade, the level Lden of the external 
noise was measured simultaneously in 3 different points (Figure 1). A first measurement position used 
for measuring the acoustic insulation of the façade, at 2 m from the wall, 5.45 height m from the 
ground (corresponding to 1.5 m height with respect to the floor of the receiving room) and horizontally, 
in the center of the facade under examination is defined as (CH3). The second position (CH4) is 
located 1 m away on the horizontal center of the façade and 4 m height with respect to the ground, 
according to the prescriptions of ISO 1996-2 for the Lden measurement. The third point (CH2) is 
directly placed on the surface of the façade corresponding to the second measurement point; the 
microphone was placed on a square plastic slab 0.3 cm thick and 20 cm wide, fixed to the wall with 
screws. 

Referring to the Law in force in Italy (DM 16/03/98 (17)), the indoor level, Lden, indoor (CH1), was 
measured simultaneously with the external one Lden, at the height of 1.50 m from the floor, at a distance 
1.50 m from the window and at least 1.00 m from any reflective surface in the room. The receiving 
unfurnished room has a volume about 40 m3 and is located at the first floor of the experimental 
building of the ITC, and its façade, made of precast concrete, has an aluminum frame window with a 
4/12/4 mm glazing. The measurements were carried out during 25 days, not all consecutive, in January, 
February and March 2016, to obtain a reasonably reliable estimate (5) of the Lden value which, by 
definition, should be measured over a period of one year. The considered year is the relevant year as 
regards the emission of sound and an average year as regards the meteorological circumstances. If the 
incident sound is measured, and the sound reflected by the facade is omitted, as a general rule, a 3 dB 
correction must be adopted. When the microphone is placed at a certain distance from a reflecting 
surface, provided that some given conditions are met, the direct and reflected sound is equally strong 
and when the frequency band considered is wide enough, the reflection causes a doubling of the energy 
of the direct sound field and a 3 dB increase in sound pressure level (ISO 1996-2) can be found. For 
both the CH3 and CH4 positions, the perpendicular distance of the microphone from the reflective 
surface of the façade allows to obtain a nominally increase of 3dB. The values measured directly on 
the surface of the façade correspond to a position in which an increase of 6 dB of sound pressure level 
of the incident sound is obtained ("free field" level). 

 

      
Figure 1 – Microphone location: (a) for the measurement of Lden; (b) for the edge effects evaluation. 

CH3 

CH4 CH2 

(a) (b) 

CH3 

CH4 

CH2 
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Although ISO 1996-2 suggests that, for a particular receiver, the position of the microphone is 

related to that particular receiver, due to the edge effects in the frequency range from 125Hz to 4kHz, 
a further measurement of 46 h was made in April 2016. In that case, the CH4 and CH2 microphones 
were positioned at a distance b equal to 4m from the edge of the façade for the relation b  4d to be 
met, where d equal to 1m is the perpendicular distance of the microphone from the surface of the 
facade (CH4). The heights and distances of the two microphones from the surface of the facade have 
been kept constant (Figure 1 (b)). 

3.1 Lden 
Some measurements, performed in the absence of precipitation, fog and/or snow and with wind 

speed not exceeding 5 m/s, were performed for an overall duration of 25 days. The measurements 
were not all uninterrupted (about 5 weeks of which 2 including the weekend) and were carried out 
over three months from January to March 2016. 

Table 2 shows the following values: 
• the equivalent continuous sound pressure level LAeqT, as defined in the Equation 3, relating 

to the entire measurement period; 
• the Lden,2002 values, relating to the entire measurement period, for the day – evening - night 

periods defined in the END; 
• the Lden,I values, relating to the entire measurement period, for the day – evening - night 

periods defined in the Law in force in Italy (D. Lgs. 19 August 2005 n. 194). 
where Lden, 2002 and Lden,I are defined in Equation 4. 
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Where: 
• d, e, n are the number of hours of the day, of the evening and of the night respectively;  
• Lday is the A-weighted equivalent continuous sound pressure level when the reference time 

interval is the day (dB); 
• Levening is the A-weighted equivalent continuous sound pressure level when the reference 

time interval is the evening (dB); 
• Lnight is the A-weighted equivalent continuous sound pressure level when the reference 

time interval is the night (dB); 
With the following time intervals: 

• Default values according to END: the day is 12 hours (07.00-19.00), the evening is 4 hours 
(19.00-23.00) and the night is 8 hours (11.00-07.00); 

• Values according to the Law in force in Italy: the day is 14 hours (06.00-20.00), the evening 
is 2 hours (20.00-22.00) and the night is 8 hours (22.00-06.00); 

The Lden values reported in Table 2 did not include the 3dB correction, as they were used to verify 
the validity of Equation 1 (as a difference between the two levels), where the term +3 is used to cancel 
the effects of this correction. 

Table 3 shows the LAeqT values of external microphone positions, to assess the edge effects (Figure 
1 (b)). The reference time is 46h, and the effects are negligible, as can be seen from the comparison 
with the LAeqT values in Table 2. 

 

3493



 

 

Table 2 – LAeqT, Lden, 2002 (END) and Lden, I (Italian Law) assessed over the entire measurement period of 

approximately 25 days. (Lden values without the 3dB correction) 

Microphone position LAeqT , dB Lden, 2002 , dB Lden, I , dB 

CH1 32.2 31.3 31.2 

CH2 61.4 59.6 60.5 

CH3 58.3 56.7 57.5 

CH4 58.6 56.8 57.6 

 

Table 3 – LAeqT, over the entire measurement period (46h) to evaluate the edge effects.  

Microphone position LAeqT , dB 

CH2(b) 60.9 

CH3(b=a)  58.5 

CH3(b) 58.3 

 

3.2 D2m,nT,w comparison 
Table 4 shows the average value (average of 8 laboratories, each of which performed 5 repetitions 

for 40 measurements total) and the in situ standard deviation, obtained in the facade RRT (16), for the 
façade under study, according to the scheme in Figure 2. The measurements were carried out according 
to the prescriptions of ISO 16283-3, in particular, as the room volume is approximately 40 m3, it was 
possible to make a comparison between the default procedure and the so-called "low-frequency 
procedure". Considering that the Lden, indoor measurements were carried out in only one point of the 
room and not in the corners, it is more appropriate to apply Equation 1 to the results obtained with 
the default procedure, as shown in Table 4. 

 

Figure 2 –Sound source position of each laboratory participating in the façade RRT (16) 
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Table 4 – Average values (5 repetitions for each of the 8 laboratories) of the RRT (16) and the 

corresponding in situ standard deviation (ssitu). The subscript "01" indicates that the descriptors were 

calculated in steps of 0.1 dB, or with rounding to 0.1 dB in the case of indices with the sum of the spectrum 

adaptation terms. 

Descriptior (SNQ) Average,dB ssitu,dB 

Dls,2m,nT,w01 40.0 0.7 

Dls,2m,nT,w01+Ctr(50-3150) 34.7 1.0 

Dls,2m,nT,w01+Ctr(50-5000) 34.7 1.0 

 
As stated above, the measurements were carried out in 25 non-consecutive days (about 5 weeks). 

Gaja et al. (5) estimated for a similar period of time, 4 random weeks, a standard deviation equal to 
0.81 dB. This standard deviation is comparable with the estimate of in situ standard deviation found 
for the façade sound insulation (see Table 4). 

The value of D2m,nT,50 was calculated by applying Equation 1 to the values of Table 2, both for the 
microphone position corresponding to the one used for the façade sound insulation measurements as 
per ISO 16283-3 (CH3) and the position corresponding to the “environmental” position, 4 m high and 
1 m far from the façade (CH4). It was found that, considering Lden,2002, D2m,nT,50 (CH3) was equal to 
25.4 dB and D2m,nT,50 (CH4) was equal to 25.5 dB. 

By comparing these results with the average values of Dls,2m,nT,w01+Ctr(50-3150/5000) coming from the 
RRT, equal to 34.7 dB, a difference in the estimation of the façade sound insulation equal to 9.3÷9.2 
dB was found. 

Repeating the same calculation referring to the law in force in Italy (DM 16/03/98), D2m,nT,50 is 
equal to 26.3 dB (CH3) and to 26.4 dB (CH4). Therefore, in this case, the difference with 
Dls,2m,nT,w01+Ctr(50-3150/5000) reduces to 8.4÷8.3dB. By applying the error propagation, this difference 
has the expanded uncertainty for the 90% confidence level for the two-sided test equal to 4.4 dB. 

The sound field in the receiving room is not perfectly diffuse, in particular below the Schroeder 
frequency. Garai et al. (18) showed that for this room the Schroeder cut-off frequency is 400 Hz. 

Figure 3 shows this behavior. Above the Schroeder frequency, all the differences taken into account 
in this study show the same trend. Below the Schroeder frequency in semi-diffuse field (down to 
100Hz) and in non-diffuse field (down to 50 Hz) the trends are very different. 

At the higher frequencies (4000 and 5000 Hz) the accuracy and precision of the measurements of 
D2m,nT depend on the position of the source and its directivity, as already stated in the reference (16). 
In a previous facade RRT (19), in which all the laboratories used the same source position, the 
accuracy of the results at high frequencies was much higher. This influence must also be analyzed in 
the case of an extended source. 
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Figure 3 –Differences comparisons: 8 laboratoriesRRT average D2m(black), with the error bars in terms of 

in situ standard deviation; mean value (time average over 25 days of measurement) of the differences 

between the measured values CH4-CH1 (blue), CH3-CH1 (red), and CH2-CH1 (green), with the error bars 

in terms of standard deviation of the mean; difference for a maximum value of the spectrum with hourly 

average CH4-CH1 (purple), CH3-CH1 (blue) and CH2-CH1 (orange). 

 

4. CONCLUSIONS 
The results of the research highlighted that the considered correlation between the noise level 

descriptor (Lden outdoor and indoor) and the façade sound insulation descriptor D2m,nT is not reliable.  
The value of D2m, nT, 50 measured directly differs 8÷ 9 dB from the value calculated by applying 

this correlation, and using measured values of Lden and Lden, indoor. Although further verifications are 
necessary, based on a greater number of experimental data, obtained in different environmental 
situations, and such as to allow a more accurate statistical analysis, it does not seem appropriate to 
adopt this correlation as a procedure in order to classify the façade sound insulation requirement. 
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 innovative ventilated façade solutions 

Francesca DI NOCCO1; Luca BARBARESI2; Federica MORANDI3 and Massimo GARAI4 

University of Bologna, Italy 

ABSTRACT 

This work is part of Progetto Involucro, a research project funded by the Emilia-Romagna Region in the 

frame of POR-FESR 2014-2020. It aims at testing innovative ventilated façade solutions for improving 

buildings' energy and acoustic performance. Two identical test buildings (prototypes) are built in real scale on 

the same site and different ventilated façade solutions are installed on the South facing walls. In order to 

evaluate the performance of different alternatives, a benchmark solution is installed on the first prototype, 

while all the other innovative solutions are installed on the second one and they all are tested under the same 

environmental conditions. Sound insulation measurements are performed on site with the aim to investigate 

the contribution of different rainscreens in relation to their fastening system and individual component 

elements such as natural ventilation grills, open joints and potential openings on the external side. 

Furthermore, a measurement campaign focused on flanking transmission is conducted to evaluate sound 

transmission across the façade junctions for each innovative solution installed. This paper shows the 

preliminary results of the measurement campaign. Data obtained from on-site measurements are commented 

and discussed in relation to the values calculated using the model proposed in the ISO 12354-3 standard. 

 

Keywords: Innovative Ventilated Façade, ISO 12354-3, Calculation Model 

1. INTRODUCTION 

This contribution shows the preliminary phases of development of Progetto Involucro, which aims 

at testing innovative Opaque Ventilated Façades (OVF) solutions for the improvement of building 

energy and acoustic performances. Different OVF solutions are installed on the South facing walls of 

two identical building prototypes and are tested under the same environmental conditions.  

In parallel with the monitoring of energy performance, a global study was conducted on the 

acoustic behavior of the ventilated façade. This document illustrates the iterative method and the 

different types of measurements carried out in situ, in order to refine the forecast calculation model for 

the evaluation of façade insulation in the case of ventilated façades. The acoustic measurement 

campaign conducted on the test buildings are shown and commented in relation to the modelling 

according to the ISO 12354-1,3:2017 standards (1, 2). 

Previous literature investigated factors that affect the final sound insulation for ventilated façades 

and ventilated double-skin façades. Experimental tests (3) were conducted to evaluate different 

insulation layers to be placed in the cavity and the influence of open joints that characterize ventilated 

façades. The presence of open joints affects the performance determining a decrease in the 

single-number rating of the façade sound insulation up to 3 dB. A detailed measurement campaign is 

presented in Ref. (4), where the influence of the opening of the cavity is tested by measuring, step by 

step, the sound insulation of the façade as the space of the cavity was varied from hollow to filled, both 

with open and sealed joints. In the open joints condition, the filling ratio of the cavity has stronger 

effects on the acoustic behavior of the façade. Other works investigated ventilated double skin façades 

(5, 6), proposing simple calculation models based upon the determination of the coincidence frequency, 

the structural resonance frequency, cavity resonances and evaluating the presence of openings.  
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2. HIGH-PERFORMANCE ENVELOPE DESIGN  

2.1 The test buildings 

The twin test buildings are located in San Mauro Pascoli (FC, Italy) and they were completed in 

February 2019. The building prototypes are tested under the same environmental and weather 

conditions in order to allow precise comparison between different alternatives: one of the solutions is 

kept as a benchmark on the first prototype, while all the other solutions alternate on the second 

prototype. A global view of the two buildings is provided in Figure 1. 

The test buildings have a rectangular base (external dimensions 3.4 m x 3.2 m) and are two-story 

high, for a total external height of about 7 m. The structure of  both the prototypes is in Cross 

Laminated Timber (CLT), with 3-plies 100 mm panels for the vertical elements and 3-plies 120 mm 

panels for the horizontal partition. A 260 mm EPS thermal coat is applied on the North, East and West 

walls. The South facing wall, on which the OVF solutions are mounted, is a masonry wall (250 x 300 

x 199 mm) with a 100 mm rockwool layer installed on the side of the ventilated façade. The choice of 

a mixed structure was deemed of interest for the possibility of investigating sound transmission 

through different structures, given the importance that CLT is gathering as a construction material (7, 

8, 9). A roof with an inclination of approximately 5 degrees, provides shading and protection from 

weather exposure.  

In order to investigate the thermal and energy behavior of the OVFs, the South facing façade of the 

two buildings is equipped with a resident monitoring system that provide a systematic acquisition of 

the hygro-thermal information. For each envelope, the system includes over 80 resistance temperature 

detector, 4 anemometers, a pyranometer and an electric energy meter combined with smart device. 

  

Figure 1 – Global view of the twin test buildings (left) and scheme of the realization of buildings (right). 

2.2 Ventilated façade solutions 

Figure 2 shows a construction detail of the ventilated façade-floor junction. In particular, the 

buildings are built using a balloon frame system, with continuous vertical walls; the floor is only fixed 

on two of the four edges and it is not rigidly connected to the brick wall.  An aluminum alloy structure 

(T vertical mullions and L brackets) is directly connected to the brick wall to achieve a 15 cm fixed 

cavity of ventilated façade. 

During the experimentation, the innovative OVF solutions mainly concerned different types of 

rainscreen in relation to their fastening system (dashed box in Figure 2) and the proportion of open 

joints. In Table 1 and 2 the different configurations tested are shown with their respective features.  

Regarding the selection of the significant solutions, the one made of gres tiles with integrat ed PCM 

was not considered, due to two main reasons: first, it would be troublesome to simulate the sound 

reduction index for direct transmission; second the acoustic performance of the entire system is not 

affected by PCM contribution, as also confirmed by recent literature (10). Finally, it should be noted 

that the automated shutters (Figure 2) are hermetically closed in all configurations.  

2.3 Research method 

The two buildings have been object of an extensive measurement campaign: the façade sound 

insulation measurements were complemented by evaluating the vibration reduction index for all 

junctions that involve the façade, and by measuring the vibration velocity level of all walls when the 

sound source was active outside. This paves the way to correlating, in a future work, the contribution 
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in terms of radiated sound power provided by each wall to the overall internal sound field. Part of these 

measurements are described in the paper and have been used for the implementation of the ISO 12354 

model. 

    

Figure 2 – Construction details: the ventilated façade-floor (left) and external wall-floor junction (right). 

 

Table 1 – Technical and acoustic features of five configurations tested 

Conf. Layers 
Total thickness 

(m) 

mˈwall 

(kg/m
2
) 

mˈext-tile 

(kg/m
2
) 

A Plastered Masonry 0.26 248 - 

B Plastered masonry + rockwool 0.36 255 - 

C 
Plastered masonry + rockwool + metal structure + 

Gres tiles 1200x2400 mm 
0.52 255 15 

D 
Plastered masonry + rockwool + metal structure + 

HoneyComb/Gres tiles 1200x2400 mm 
0.56 255 22 

E 
Plastered masonry + rockwool + metal structure + 

Gres standard tiles 600x600 mm 
0.57 255 24 

 

Table 2 – Mechanical characteristics of different rainscreen tested 

Conf. Description 
Fastening 

system 

Number 

slabs 

Thickness 

(mm) 

Dimensions 

(mm) 

Sopen-joints/Sfaçade  

%  

C Gres tiles Innovative 4 6.5 1200 x 2400 1.2 

D HoneyComb/Gres tiles Traditional 4 15 + 6.5 1200 x 2400 2.0 

E Gres standard tiles Traditional 32 10 600 x 600 3.8 

3. THE ISO 12354 MODEL 

According to the standard ISO 12354-3 (2), the sound insulation of a façade can be estimated 

through the apparent sound reduction index 𝑅′, the influence of the outside shape of the façade ∆𝐿𝑓𝑠 

(i.e. presence of balconies and similar) and the room dimensions:  

𝐷2𝑚,𝑛𝑇 = 𝑅′ + ∆𝐿𝑓𝑠 + 10𝑙𝑜𝑔 (
𝑉

6𝑇0𝑆𝑡𝑜𝑡
)     (dB) (1) 

where 𝑉 is the volume of the receiving room, 𝑆𝑡𝑜𝑡 is the total area of the façade as seen from 

inside and ∆𝐿𝑓𝑠 is the level difference due to façade shapes, that in our specific case can be assumed 

equal to 0 dB.  
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The apparent façade sound insulation 𝑅′ is given by: 

𝑅′ = −10 log (∑ 𝜏𝑒,𝑖

𝑛

𝑖=1

+ ∑ 𝜏𝑓

𝑚

𝑓=1

)     (dB) (2) 

where 𝜏𝑒,𝑖  is the direct transmission coefficient through all the façade elements, 𝜏𝑓  is the 

transmission coefficient relative to flanking transmission paths, n is the number of façade elements for 

direct transmission and m is the number of flanking façade elements. Equation 2 can be reformulated 

as follows: 

𝑅′ = −10 log (∑
𝑆𝑖

𝑆
10−𝑅𝑖/10

𝑛

𝑖=1

+ ∑ 10−𝑅𝑖𝑗/10

𝑚

𝑓=1

)     (dB) (3) 

where 𝑅𝑖 is the sound reduction index for element i of the façade and 𝑅𝑖𝑗 is the sound reduction 

index for the flanking transmission as explained in the ISO 12354-1 standard (1). 

4. MEASUREMENT CAMPAIGN 

4.1 Method 

The procedure for measuring of the façade sound insulation on site is described in ISO 16823-3 (11). 

The standardized level difference is defined as: 

𝐷𝑙𝑠,2𝑚,𝑛𝑇 = 𝐷𝑙𝑠,2𝑚 + 10𝑙𝑜𝑔
𝑇

𝑇0
     (dB) (5) 

where 𝐷𝑙𝑠,2𝑚 is the difference between the sound pressure level 𝐿1,2𝑚 measured at 2 m from the 

façade at a height of 1.5 m and the average of the sound pressure level in the receiving environment  

𝐿2  (six random positions for measurement), 𝑇0  is the reference reverberation time (0.5 s for 

dwellings). The reverberation time has been measured according to ISO 3382-2 (12). Using the global 

loudspeaker method, the source is placed in four different positions on the ground outside the building 

at a distance 𝐷 > 3.5 m from the façades with a sound incidence angle equal to 45° ± 5° (Figure 3). 

The sound pressure level near the façade depends on several factors, investigated by Hopkins (13). 

As a rule-of-thumb, for a point source near the ground and façade–receiver distances between 1 and 2 

m, the diffraction effects are only likely to be significant in the low-frequency range. As in this case, it 

occurs for façades with dimensions < 5 m. 

 

Figure 3 – Scheme of the measurement setup used with indication of the position SI, SII, SIII, SIV sources. 
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4.2 Results 

The source positions analyzed in this paper are S I and SII, both pointing towards the ventilated 

façade (Figure 3); the measured façade sound insulation values are shown in Figure 4 in one-third 

octave bands. Comparing solutions C, D and E with the reference façade A there is general 

improvement in the overall acoustic performance. Considering equal material and typology of 

construction solution (Conf. C and D), a larger area of open joints  (Conf. E) affects the results up to 5 

dB. Moreover, with the same dimensions and similar surface mass of the slabs (Conf. C and D), the 

fastening system influences the behavior of the façade at most up to 2 dB. 

 

Figure 4 – Standardized sound level difference of façade measured on site in one-third octave bands. 

5. MODELLING THE ELEMENTS ACCORDING TO ISO 12354 

5.1 Input data 

The ISO 12354 model is heavily influenced by the input data; therefore, the building acoustic s 

modelling phase is extremely important for the correct application of the calculation model. 

It is recalled that the element i consists of the different configurations of façade shown in Table 1, 

while the external wall for flanking transmission paths consist of a wall in CLT 100 mm panels with  a 

260 mm EPS thermal coat. In this case it was not possible to retrieve the input data from laboratory 

certificates. Therefore, the input data for the apparent sound reduction index 𝑅𝑖 of the façade under 

investigation and the elements of test building involved in the flanking transmission 𝑅𝑗  were 

calculated using a commercial software (14) (Figure 5). 

5.2 Flanking transmission  

The flanking transmission is generally considered negligible for the façade sound insulation: for 

the cases in which rigid elements are connected to rigid elements in the receiving room, a reduction of 

2 dB is generally deemed acceptable to account for flanking transmission (2). It can anyway be 

evaluated according to the ISO 12354-1 standard in frequency, calculating the 𝜏𝐹𝑓  and the 𝜏𝐷𝑓 

transmission paths. In our specific case, only direct-to-flanking transmission paths Df were present; 

moreover, given the peculiar characteristics of the structure under analysis, only the contribution of 

the vertical elements enclosing the façade were considered.  

The Annex of ISO 12354-1 does not provide indications to estimate flanking transmission in this 

type of junctions (Figure 2). For this reason, the vibration reduction index 𝐾𝑖𝑗  of the junctions 

involving the façade were measured according to the ISO 10848-1 standard (15). 

In particular, 𝐾𝑖𝑗  measurements were conducted in façade configurations with and without the 

external rainscreen, namely configurations C and B. In Figure 6, it can be noticed that the flanking 

transmission through the façade-CLT wall joint is not influenced by the presence of rainscreens 
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(orange and green lines). Therefore, they were subsequently adapted according to the structural 

reverberation time measurements of the involved elements in each configuration. Since the L junction 

is a junction composed of different and non-homogeneous elements, there is a noticeable difference 

between the transmission path 𝐷𝑣,𝑖𝑗 (continuous line), where the i element (masonry wall) is excited, 

and the transmission path 𝐷𝑣,𝑗𝑖 (dashed line), where the j element (CLT wall) is excited. For these 

reasons the calculation model was implemented first neglecting the lateral transmission (called “ISO 

12354”), and then using as input data the measured 𝐾𝑖𝑗 (“ISO 12354_Var. 1”), the measured values of 

𝐷𝑣,𝑖𝑗  only for the path MASONRY-CLT (“ISO 12354_Var. 2”). Finally, the calculation was 

implemented considering only the 𝑅𝑖 of the masonry wall (“ISO 12354_Var. 3”) for the i element 

(façade) in the flanking transmission paths 𝑅𝑖𝑗, given the particularity of the façade connection. 

 

Figure 5 – Input values of the sound reduction index 𝑅𝑖 of the different configurations of façade and the 

sound reduction index 𝑅𝑗 of the lateral elements.  

 

 

Figure 6 – 𝐷𝑣,𝑖𝑗(𝑗𝑖) and 𝐾𝑖𝑗 for the “L vertical junction” transmission path measured in B and C solutions.  
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5.3 Results 

Figure 7 shows the results obtained implementing the model considering the different 

above-mentioned variables applied to the same solution (Conf. E). There is a progressive improvement 

in the medium-low frequency range, reducing the calculation error, as illustrated in ISO 12354. The 

results can be conveniently discussed in term of comparisons between the standardized level 

difference of the different façade configurations measured on site and the calculated values 

implemented considering the model “ISO 12354_Var. 3”, see Figure 8. In general, the ISO model is 

strongly influenced by the contribution of the direct transmission. For this reason, it can be noticed that 

having no suitable input data can lead to high errors, especially considering masonry with clay blocks 

and solution D. The best match between measured and calculated results is observed in Conf. E, i.e. the 

simplest façade assembly.  

 

Figure 7 – Difference between measured and calculated values of the standardized sound level difference of 

E configuration in relation to different variables. 

 

Figure 8 – Difference between measured and calculated values of the standardized sound level difference of 

the façade considering the model “ISO 12354_Var. 3”. 
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6. FINAL REMARKS 

The paper shows some preliminary results of the study of the acoustic behavior of ventilated 

façades done during the experimentation of Progetto Involucro. This work is focused on the 

comparison between the measured values of the standardized level difference of façade and the values 

obtained from the calculation model in according to ISO 12354 standards. The ISO calculation model 

was implemented using simulated values starting with the physical and mechanical properties of 

different elements. The flanking transmission was included in the model using the values obtain by the 

measurement campaign of vibration transmission through the building elements. From the acoustic 

point of view, the ventilated façade system is particularly complex to be modelled, because the ISO 

calculation model does not keep into consideration the presence of external layer with open joints. In 

terms of performance, the ventilated façade has a good performance but is affected by the presence of 

open joints, possibly openings or by the fact that the metal structure of the façade is rigidly connected 

to the masonry wall.  

In the future work, the analysis will be focused on the lateral elements involved in the flanking 

transmission paths. In this respect, the results obtained by measurements of the vibration velocity level 

of walls when the sound source was active outside will be correlated to the overall internal sound field.  
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ABSTRACT 
Plenum windows have been used as innovative measures to reduce traffic noise in recent decade. Nowadays, 
they are also used in mitigating more serve traffic noise, railway noise or even fixed noise which require 
different noise reduction characteristic and enhanced performance. 
To enhance the noise reduction performance of the plenum windows and balconies, different kinds of 
absorption treatment like micro-perforated absorbers and perforated absorption panels had already been used 
and tested. They could provide around 1dB of improvement. Meanwhile, window designers are finding 
alternative ways to further enhance the performance, such as by changing the physical design and dimensions. 
The most common changes are to increase the overlapping length of the plenum of the window or by adding 
a solid parapet in front of the plenum balcony door.  
Numerous designs of windows and balconies with different dimensions have been tested, with different 
overlapping length, different acoustic treatment and even different outer window or balcony door design. The 
tests were done in full scaled mockup using linear array of loudspeakers mimicking traffic noise source. The 
effects in noise reduction of implementing these design changes to plenum windows/balconies are being 
studied by comparing the measurement results in this paper. 
 
Keywords: Plenum Window, Façade Device 

1. INTRODUCTION 
Hong Kong is a vibrant city with a very dense population. The demand of residential space is 

always high. More and more residential buildings are built in response. At the meantime, the 
ballooning population also brings more traffic to the city. These newly planned residential projects 
are facing more and more challenging traffic noise problems. 

In recent decade, a few different plenum windows have been used in different residential projects 
to mitigate different kind of environmental noise. Offsite mockup tests are commonly used to 
determine the noise attenuation performance of specially design acoustic windows and balcon ies in 
Hong Kong. 

In order to find ways to further improve the noise attenuation of plenum windows, three  different 
plenum windows were tested with different overlapping length and other window designs, ie. side 
hung and top hung window and the results is presented and discussed in this paper. 
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2. CURRENT PLENUM WINDOW DESIGN 
The plenum window is formed by placing a sliding panel as a noise screen behind an opened 

window to block the direct path of the noise from outside to entering the indoor habitable space. The 
sliding panel is wider than the width of the window opening to create an overlapping of a minimum 
of 100mm. A 100mm separation between the outer window and the s liding panel is maintained to 
allow natural ventilation. Currently, most sliding panel are having an overlapping of 100mm to 300mm 
and fitted with micro-perforated absorber on the side facing outward. Sometimes, absorption materials 
are also added to the top and the vertical sides of the plenum. The MPA and absorption materials are 
incorporated to increase the absorption of the plenum to further reduce the sound energy being 
transmitted through the plenum windows. 

Previous laboratory and mockup testing have been done to study the incorporation of 
microperforated absorber (MPA) to the sliding panel and adding absorption material to the air gap of 
the plenum.(1)  

3.   DETERMINATION OF NOISE REDUCTION 
To describe the traffic noise attenuation performance of plenum windows, insertion loss and 

transmission loss are the two major terms used in Hong Kong(1,2). In determining the insertion loss, 
the performance of the window is compared with the performance of a conventional window, ie. a 
side hung swing window of the same size or smaller size. The Transmission Loss (TL) is determined 
by comparing the measured indoor and outdoor noise level difference and weighted with normalized 
traffic noise spectrum(3).  

3.1 Mockup Test 
Full scaled off site mockup tests were carried out to study the impact of the change in design 

parameters. The mockup was constructed in a factory site in Mainland China, with a 3 -storey building 
fitted with the test window at the façade of tests rooms with size similar or smaller to the room  that 
the window is designed to be built with. Line source was used as the sound source to mimic the 
carriageway generating traffic noise to residential buildings. White noise was used as testing signal 
and the measured results were weighted with the normalized traffic noise spectrum as stated in 
BSEN1793-3(3) to determine the traffic noise attenuation of the specially designed plenum window.  

 
Figure 1 Set up of the Off-site mockup test. The array of loudspeakers is placed parallel to the testing 

façade, which create a 0º line source angles 
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4.   IMPROVEMENT MEASURES 
In designing the special acoustic windows for mitigating environmental noise in residential 

buildings, architects and the clients take the leading role. It is a pre-requisite to provide the minimum 
natural light and ventilation by the window. Followed by the aesthetic concern and construction 
constraints, there is little room for huge changes made to the window design dimensions. The usability 
of the windows, such as with a very long sliding panel taking up footprint and being not able to fully 
open the outer window for maintenance and cleaning, is concerned during design.  

There are few changes that can be possibly done currently. Increasing the overlapping length, 
adding more absorption material to the plenum have the least impact in changing the design. Switching 
the outer window design from side hung to top hung are huge changes which may turn over the whole 
façade design.  

5.   RESULTS AND DISCUSSION 
Two side hung type plenum window was measured to study the effects of increasing overlapping 

length. A top hung type plenum window was tested to demonstrate the benefits of using top hung 
window as the outer window instead of a side hung outer window. Traffic noise weighted transmission 
losses (TLtraffic) are used to represent the traffic noise attenuation of the tested windows.  Window 1 in 
Table 1 was tested with 2 line source angles while window 2 and window 3 in Table 2 and Table 3 
was tested with 1 line source angle.  

5.1 Increasing overlapping 
Table 1 shows the measured transmission losses weighted with traffic noise spectrum of window 1 

with an outer window of 1165mm(H) x 600mm(W) tested with increasing overlapping length from 
300mm to 565 mm. Table 2 shows the measured results of window 2 with larger opening size, 
1600mm(H) x 700mm(W), with 450mm and the very wide 800mm overlapping. The difference of 
results is also shown in Table 1. Each transmission losses measured were compared with that of the 
300mm and presented in form of the delta of transmission losses.  

 

Figure 2 Window 1 tested with increasing overlapping. The view from outside shows the outdoor 

microphone location and the largest overlapping length 
From Table 1, it can be observed that increasing the overlapping length, from 300 mm to 565mm 

in a steps of around 50mm, gives better improvement to the TLs when the line source is at 45º with 
the building façade. The TLs increased with the increase in overlapping length. The improvement 
ranges from 0.4 to 0.9 dB(A) with a parallel line source and that with a 45º inclined source ranges 
from 0.6 to 1.2dB. 

Table 2 shows the increases in TLtraffic of window 2 by increasing the overlapping from 450mm to 
800mm. The 800mm overlapping is the maximum overlapping length that can be allowed within the 
2.4m wide room. Window 2 was tested with different absorption settings. The tremendous increase in 
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overlapping length at window 2 gives surprising increases in TLtraffics, especially when there are MPA 
incorporated on the sliding panel. The improvement ranges from 2.2dB(A) to 4.2dB(A).  

 
Table 1 Dimensions, different settings, measured traffic-weighted TLs and differences of TLs of window 1, 

a side hung plenum window with 100 air gaps 

Window 1  
Overlap 

(mm) 
MPA 

Absorption 

material 

Source 

Angle 

TLtraffic 

dB(A)  
 ∆TLtraffic 

1165(H) x 

600(W) 

300 

Yes, with 40mm 

airgap, absorptive 

mounting box, 

NRC 0.5 

Yes, at ceiling 

and vertical 

side of the 

opening 

0º 

16.6  

365 16.9 0.4 

415 17.1 0.6 

465 17.2 0.6 

515 17.5 0.9 

565 17.4 0.8 

300 

45º 

Non-

favorable 

16.8  

365 17.4 0.6 
415 17.7 1.0 
465 17.5 0.7 
515 17.8 1.1 
565 17.9 1.2 

 
Table 2 Dimensions, different settings, measured traffic-weighted TLs and differences of TLs of window 2, 

a side hung plenum window 

Window 2 
Overlap 

(mm) 
Gap (mm) MPA  

Absorption 

Material 

Line 

source 

angle 

TLtraffic 

dB(A)  

∆TLtraffic 

dB(A) 

1600mm(H) x 

700mm(W)  

450 

100 

No No 

0º 

10.3 -- 

Yes No 11.4 -- 

No Yes 11.2 -- 

Yes Yes 12.1 -- 

800 

No No 13.1 2.8 

Yes No 15.6 4.2 

No Yes 13.4 2.2 

Yes Yes 15.7 3.6 

5.2 Using top hung window as outer window 
A 700mm wide top hung type plenum window was used in the tests. The window opening size, the 

line source setting, overlapping length and the absorption material provisions were the same as 
window 2 in previous section. hence, the results of window 2 and window 3 can be compared directly. 
The measured results are tabulated in Table 3. The measured TLtraffics of a top hung window (window 
3) are at least 4dB(A) larger than those of a side hung window (window 2) of the same size  
difference ranges from 4dB(A) to 5.1dB(A). This brings a very good improvement as a small design 
change. Like window 2, the improvement with the presence of an MPA is larger than those cases 
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without this relatively large absorption surface. 

 

Figure 3 The view of window 3, a top hung plenum window, from inside 
 

Table 3 Dimensions, opening width, absorption materials, measured traffic-weighted TLs and differences of 

TLs of window 3, a top hung plenum window 

Window 
Dimensions 

(mm) 

Overlapping 

(mm) 
MPA 

Absorption 

material 

TLtraffic 

dB(A)  

∆TLtraffic 

dB(A) 

Side Hung 

1600(H) x 

700(W) 

450 

No No 10.3 -- 

Yes No 11.4 -- 

No Yes 11.2 -- 

Yes Yes 12.1 -- 

Top Hung 450 

No No 14.4 4.1 

Yes No 16.4 5.1 

No Yes 15.1 4.0 

Yes Yes 17.0 4.9 

6. CONCLUSION 
Mockup tests were done to study the effect of increasing the overlapping length of the plenum 

windows and by changing the outer window from a side-hung swing window to a top hung window 
of the same size. Increasing the overlapping length can bring up to 1.2 dB(A) by increasing the 
overlapping from 300mm to around 650mm. it can bring a maximum of 4.2dB(A) improvement when 
the overlapping is increase from 450mm to 800mm. changing the outer window from side hung 
window to top hung window can improve the TLtraffic by at least 4dB(A). The tested results suggested 
more feasible ways to further improve the noise attenuation performance of plenum windows  when a 
very large noise attenuation is required. 
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ABSTRACT 
Aluminum framed fenestration systems are becoming a leading choice for modern buildings. They provide 
a superior aesthetic appearance, a higher degree of weathering reliability, and quicker installation.  At the 
same time, they offer more transparency and environmental efficiency. However, because of the complexity 
of the framing systems, the estimation of sound insulation of such systems for preliminary design or analysis 
becomes time-consuming and difficult.  Currently, there is no efficient tool available for convenient and 
reliable estimation of the sound insulation performance of fenestration systems.  To this end, the engineering 
team led by the authors conducted extensive studies on various fenestration systems consisting of different 
glazing and aluminum frames. Based on our research outcomes, a comprehensive web-based simulation 
program, the so-called Digital Acoustic Lab (DAL), has been developed recently. This program can provide 
a quick analysis and accurate prediction of sound insulation of window, door, and façade systems consist of 
various aluminum frames and glazing infills. A series of laboratory tests were conducted to validate the 
predictions by the DAL. The goal of this program is to provide designers, engineers, and architects an 
effective and economical tool to facilitate the design. 
 

Keywords: Sound, Transmission Loss, Framed Window, Façade, STC, OITC, Acoustic Simulation 

1. INTRODUCTION 
The need for acoustical enhancements of exterior envelops while maintaining cost efficiency is an 

ongoing topic of research. This need has become more prevalent with the advent of highly intricate 
thermally-isolated and light-weight aluminum framing systems, which are the norm for most of the 
modern commercial and multi-unit residential constructions of today.  

 Even though aluminum framing has a smaller exposed area; it is made of various cavities and 
often contains orifices for drainage and air circulation. These features can alter the acoustical 
characteristics of glazing elements. Also, aluminum extrusions thicknesses are frequently optimized 
to archive a higher degree of economy, while mechanical interlocking systems are employed to reduce 
field labor costs.  All these factors can contribute to the degradation of acoustical performance of the 
overall system. 

In the past few decades, the main metric for evaluation and comparison of facade products has 
been the use of a single number rating (Rw in Europe and STC/OITC in the USA). These numbers are 
calculated based on “Sound Transmission Loss (STL)” measurements conducted at certified 
laboratories (1-3).  

The municipalities or the building design team usually dictate the acceptable range of the sound 
transmission classification or the acceptable noise criteria. The numerical value of the classification 
is mainly a measure of comparison, and not necessarily the true indicator of the acoustic behavior. On 
occasion, the required ratings are augmented by a set of STL’s at the octave or one-third octave band 
frequencies. 
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These ratings are either published by manufacturers or conducted at the request of building owners 

or developers for custom projects.  This practice, however, has its drawbacks. Although the cost and 
the duration associated with the testing are in general reasonable, the overall process requires the need 
for the fabrication and assembly of the final product, which require weeks or sometimes months of 
preparation.  Seldom these amounts of lead time are afforded in construction schedules. Furthermore, 
in the event of unsatisfactory results, the possibility of any modification or redesign is severely 
compromised.  

This article addresses the need for a computational tool to estimate the acoustic performance of 
fenestration elements in buildings.  We will examine the current estimation practices and will present 
“Digital Acoustic Lab” a cloud-based software tool, for the estimation of sound transmission loss of 
framed glazing systems. 

 

2. SINGLE NUMBER RATING 
The single number rating to measure the acoustic performance of architectural demising walls and 

interspatial spaces has been the norm for the building industry for the past half-century. The practice 
started in 1970, with the introduction into ASTM standards, and although the testing and measurement 
procedures have gone through several revisions, the fundamental concept behind the methodology has 
remained the same.  

The original metric “Sound Transmission Class (STC)” was designed to calculate a weighted 
average of the sound transmission loss through interior partitions. It is based on the amount of sound 
attenuation required to reduce each octave-based level of a somewhat arbitrary “standard household 
noise” spectrum (a composite of live speech, radio and television music and speech, vacuum cleaner 
noise and air conditioning noise) to match the NC-25 curve. NC or “noise criteria” curves are a set of 
curves established by the American Society of Heating Refrigeration and Air-Conditioning Engineers 
(ASHRAE), to classify the various levels of background noise for the design of building facilities. 

Even though STC (and its ISO approximate equivalent Rw) is not strictly appropriate to evaluate 
the sound transmission through exterior envelopes, it has been widely adopted as a means of 
performance measurements for windows.  In 1990 a new metric OITC (Outside-Inside -Transmission 
Class) was introduced. The OITC rating system (and its ISO equivalent Rw+ Ctr) is designed to 
measure the transmission of urban sounds (such as car horns, sirens, construction, and low-flying 
airplanes) through exterior walls, windows and façade elements. Urban noise tends to be more 
dominated by lower frequencies, so the OITC rating system tends to emphasize this range more in its 
calculations. The test procedure for both these metrics is the same. 

Although the OITC rating is a more reliable means of evaluation of façade elements than STC, it 
is still abstract and lacks enough information needed to evaluate a robust performance of the exterior 
barriers. Also, there are two distinct drawbacks with the use of this approach. 

First, the loss of resolution by eliminating the frequency dependent nature of sound in the 
STC/OITC metric can create inconsistencies in the noise response predictions. For example, elements 
with similar acoustical behavior can have different ratings, or in reverse, products with similar ratings 
can have different characteristics. The graph in Figure-1 demonstrates the laboratory tested STL of 
three different glass compositions. The deviation of STL’s at different frequencies are shown in the 
bar diagram. As it can be seen the overwhelming majority of the deviations are within a 3dB range 
which is indistinguishable by human ears, while the OITC rating differs up to five points and STC 
differs up to two points. One can argue that OITC predicted this anomaly. However, a more in-depth 
analysis might eliminate the significance of one particular frequency, in favor of either a more 
economical solution or a more realistic design.  

The second concern with single number rating is the differences in laboratory test results. All 
testing facilities have some level of voluntary government sanction accreditations. The facilities are 
required to follow stringent procedures and quality equipment to guarantee as much uniformity as 
possible. However, no two facilities are identical. This observation is especially true for the size of 
chambers, location, and application of diffusers, as well as the positioning of the speakers and 
microphones. So, there is some level of flexibility as to the variations allowed on the results. In general, 
these tolerances have always resulted in fairly uniform ratings for the tested products, especially when 
it comes to STC ratings. However, the popularity of high performing glass and glazing products, as 
well as the greater need to consider the low-frequency range of STL response, make the laboratory 

3513



 

 

attributes a more important factor. This aspect can be seen in the test results of a very high performing 
triple layer insulated laminated glass, tested in three different laboratories. These results are presented 
in Figure 2 and are summarized in Table 1. As can be seen, there can be a discrepancy of three to five 
points in the value of the OITC. It is important to note that the specimen with the highest rating also 
was the one with the smallest area, which is another factor that is lost in the single number rating of 
windows and facades. The discrepancies in results happen mostly in lower frequencies, where there 
may be more of an interaction between room acoustic modes and the test specimen. The testing labs 
in this experiment all met the size requirements of the ASTM-E90, but all were of different dimensions. 
Also, the lower frequency response is more susceptible to mounting technique and positioning of the 
specimen in the chamber’s demising wall that is less standardized among the different testing 
laboratories. 

 
 

All these factors highlight the need for a more detailed criteria to be used for evaluation of the 
acoustic performance. Especially in cases that the cost implication is significant, such as commercial 
or residential high-rise buildings, or cases where human health and comfort are more critical, such as 
hospitals, and educational facilities. These criteria also need to be used in the design process as well 
as the certification. To this end a more accurate and practical computational tool is needed for rapid 
evaluation and assessment of acoustical characteristics of windows and facades. More importantly the 
computational approach will need to address the frequency dependent nature of façade acoustics and 
not rely on single number ratings only.   
 

Table 1 – Test results for triple layer laminated glass 

Laboratory STC OITC 
Glass Area 

(m2) 

Glass Density 

(kN/m2)  

Temperature 

C˚ 

Relative 

Humidity  

E 45 36 3.33 0.75 24 51% 

C 45 38 2.02 0.74 22 51% 

W 46 33 3.33 0.75 24 51% 
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Figure 1 – Comparison of the laboratory STL of three glass compositions. Green – 6.37 mm outer 
glass / 12.7 mm airspace / 4.76 mm+1.52mm PVB + 4.76 mm inner glass, Gray– 6.37 mm outer 
glass / 12.7 mm airspace / 6.37 mm+1.52mm PVB + 6.37 mm inner glass, Blue– 6.37 mm outer 
glass / 12.7 mm airspace / 6.37 mm+1.52mm PVB + 3.17 mm inner glass. 
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3. SIMULATION METHODS 
Without a doubt, the laboratory testing of windows and curtainwalls are the most accurate means 

of evaluating the acoustical performance of the building envelopes. However, as mentioned before, 
analytical or empirical means for preliminary and comparative evaluation of these building component 
is of significant pragmatic value. The design and manufacture of façade components could take 
months, which severely hinder the opportunity for corrective measures as well as fine-tuning and 
optimization of the final design. 

Several mathematical, closed formed solutions are derived for the solution of multilayer sound 
barriers with cavities (4,8). However, none corroborate favorability with the test results for bounded 
and sealed, and laminated glass.   

The current practice heavenly depends on results of tests from existing or similar products. The in-
house testing facility is highly desirable, but not within reach of many designers and engineers. There 
is some commercial software (6,7) that can provide quick analysis for designers, but there are 
limitations when it comes to multilayer glazing components with framing surrounds.  

The use of general propose multi-physics Finite Element Analysis (FEA) software packages can 
help with modeling of complex material geometries, especially the ones encountered in window 
framing. These packages (8,9) can efficiently model both air-borne, structure-borne, and the linked 
fluid-structure interaction behavior of window frames and glazing. The user can model both the 
chambers and specimen with great accuracy. FEA methods, however, are more accurate in the low-
frequency range where the mesh counts are reasonable, and solution times are practical. Also, the 
creation of a true defused sound filed require some level of expertise and fine-tuning of the models. 
The newer versions of FEA packages have attempted to solve this problem. The vibro-acoustic 
behavior of the simulation can also be modeled using FEA tools. This factor is important for the 
understanding of the realistic behavior of attachment mechanisms and the interaction between glass 
and the framing systems. 

Another approach is the use of Statistical Energy Analysis (SEA) technique (5). SEA has been the 
method of choice among automotive and aircraft industries, and some attempts have been made to 
extend this approach in architectural acoustics. The main concept in SEA is that a structure (i.e., a 
window or a curtain wall system) is partitioned into coupled “subsystems” and the stored and 
exchanged energies are then analyzed. The original theory is based on the study of the interactions 
between, and relative behaviors of, the various subsystems. While this concept is clever from a 
mathematical point of view, it is not very practical for quick insight into the acoustic behavior of a 
given system.  

The most important step in SEA is to segment the structure to be analyzed into rational subsystems. 
This is often a challenge, as the underlying theoretical assumptions must be satisfied while at the same 
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Figure 2 – Comparison of the sound transmission loss frequency response of identical glass 
composition at three different testing laboratories. 
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time, several practical considerations must be accounted for. Moreover, for any given structural 
system, there may be several possible model constructs, each potentially yielding different behavior 
characteristics of the various subsystems. The challenge is to develop a model that most accurately 
reflects the true behavior of the tested system.  On the other hand, the SEA is very efficient for the 
computation of sound transmission loss in the high-frequency range.  

To remedy this limitation of SEA, one might consider a hybrid approach (11). Here, the primary 
concept is to determine parametric properties of the various components of the window by FEA or 
perhaps experimental means. Then the appropriate relationship can be established between the 
components using SEA modeling. Once the parametric model is established, the assembly of the 
subsystems can be used to predict the response of the overall structure to various input conditions.  

In essence, rather than subdividing the field equations (models, boundaries) into elements (the 
approach used by FEA method), the system is subdivided into a series of sub-systems with interacting 
properties. The authors have performed simulation analysis utilizing this technique with some mixed 
results. 

Figure 3 presents a comparison of laboratory test results for a triple layer insulated glass, with FEA 
and SEA approach. Although some promising trends can be established at the two ends of the 
frequency spectrum, it is very hard to establish a substantiating argument in the appropriateness of 
the technique. The other shortcoming of this approach is the tedious nature of the modeling work as 
well as the need for the utilization of multiple platforms to obtain the solution.  

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
The limitations discussed above is the motivation behind the development of the Digital Acoustic 

Lab (DAL) program. The primary objective of this software is to create an easy platform for the 
estimation of the sound transmission loss of fenestration products. It combines sound theoretical 
methodology with the myriad of laboratory test results to create an accurate and reliable computational 
approach for the evaluation of the acoustic properties. 

4. DIGITAL ACOUSTIC LAB (DAL) 
The purpose of the developed Digital Acoustic Lab (DAL) program is to provide a platform for 

users, such as architects, building owners, and other stakeholders, to design, analyze and report a 
project-specific configured window, door or curtain wall façade system. It consists of three basic 
components, which are system designing module, theoretical analyzing module, and output/reporting 
module. The “Design Module” provides a simple and user-friendly interface for users to perform 
acoustical analysis of  Schüco products. The “Analysis Module” integrates the accurate theoretical 
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Figure 3 – Comparison of the sound transmission loss frequency response of a triple layer glass 
using SEA and FEA simulation analysis. The glass was made form 10 mm outer layer 19 mm argon 
gap, 10 mm laminate middle pane, 19 mm argon gap, and 10 mm laminated inner pane. 
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models to quickly evaluate the sound transmission loss of various glass panels, aluminum frames, and 
their coupling effect between them. The “Output Module” offers a smooth way to post-processing the 
results, builds an interface to visualize the processed data, and automatically generates an informative 
product report.    

4.1 Design Module  
In the design module, users can design a window, door or curtain wall with any customized design 

by inputting the dimension of the glazing panels, the size of the frame and possible split pane as shown 
in Figure 4 (a window system illustrates the usage).  After the overall size of the window is defined, 
available window frames and various glazing panels such as single or multiple monolithic, insulating 
or laminated. For multiple laminated glazing panels, as shown in Figure 5, combinations of individual 
glass, interlayer, and cavity gap of most common practices are provided for users selection. The 
combination of the farming system, geometry, and glass composition will complete data preparation.  

 
 

 
Figure 4 –Design Module: System definition 

 

 
Figure 5 –Design Module: System configuration  
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4.2 Analysis Module 
The configuration of the designed window, door, or curtain wall assembled in the design module 

will be transferred to the back end of the analyzing module and analyzed by clicking the compute 
button shown in Figure 5. The recently developed theoretical formulation by the authors (12-14) is 
the basis of the analysis module. The application first computes the sound transmission loss of the 
glazing system. The applied theoretical models provide an accurate and reliable evaluation of the 
acoustic performance of single or multiple laminated glazing panels. The overall STL spectra and the 
single number ratings is computed with the incorporating the aluminum framing contributions by 
using the area-weighted logarithmic average. 
 

4.3 Output Module  
The output/reporting module post-processes the results computed in the analyzing module and 

provides an interface for users to visualize the processed data. As illustrated in Figure 6, the sound 
transmission loss of a configured system is shown in 1/3 Octave band from 50 Hz to 5000 Hz, from 
which the STC/OITC/Rw (C, Ctr) classifications are obtained for the designed system. Also, the 
program provides comparisons of different window configurations, which offers the user a convenient 
approach to specify the configuration that performs the best at any interested frequency regions. 

 

 

Figure 6 – Output/reporting module 
 
Also, DAL provides an audio track to help user perceive the acoustic performance of the designed 

window with realistic soundtracks. The program has several preload environmental noise types (traffic 
noise, airplane takeoff noise, fire siren noise). Users can change the window opening percentages 
through a sliding bar, and the program will calculate the window sound transmission loss result at 
each opening percentage and process the original audio track accordingly. The audio simulation is 
based on one third octave band graphic equalizer in the range of 50 Hz to 5000 Hz. Comparing fully 
opened position with closed window position, the user will hear a clear difference due to the sound. 
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ABSTRACT 
In the design of residential developments, it has been common practice for façade sound insulation (to protect 
against outdoor noise) to be considered separately from the provisions for ventilation and for mitigating 
overheating. This fragmented approach has led to different designers making different, incompatible 
assumptions about the internal environmental quality conditions: the acoustic designer assumes that windows 
are closed to control external noise ingress, while the mechanical designer assumes that windows are open 
for ventilation or mitigating overheating. Occupants are likely to accept reasonable increases of external noise 
ingress when using windows to mitigate overheating: adaptive acoustic comfort – but what is reasonable? 
 
The problem is exacerbated by increased overheating risk in modern energy efficient buildings and future 
climate scenarios. The Association of Noise Consultants has produced the draft Acoustics Ventilation and 
Overheating (AVO) Residential Design Guide. The AVO Guide recommends an approach to acoustic 
assessment that takes regard of the interdependence of provisions for external noise ingress, ventilation and 
overheating. This paper describes the context, background and content of the AVO Guide. There are 
references to passive attenuated options for ventilative cooling to help designers avoid simply specifying 
mechanical cooling. 
 
 
Keywords: Acoustics, noise, ventilation, overheating, dwellings, residential, facade sound insulation, passive 
attenuated ventilative cooling. 

1. INTRODUCTION 
In the design of residential developments, it has been common practice for façade sound insulation 

(to protect against outdoor noise) to be considered separately from the provisions for  ventilation and 
for mitigating overheating. This fragmented approach has led to different designers making different, 
incompatible assumptions about the internal environmental quality (IEQ) conditions: while the 
acoustic designer assumes that windows are closed to control external noise ingress, the mechanical 
designer, considering ventilation and mitigation of overheating, assumes that windows are open. 
Conlan et al (1) reviewed 122 planning applications for major developments in London between 2014 
and 2017, which had both noise and over- heating assessments; 85% of these assumed closed windows 
for reasonable noise conditions, with open windows assumed for reasonable thermal conditions. No 
assessment of acoustic conditions when using opening windows to provide thermal comfort was made. 
The result is residential accommodation in which the occupants may choose either acoustic comfort 
or indoor air quality and thermal comfort, but the extent of achieving a reasonable balance between 
thermal and acoustic comfort is rarely considered.  

The risk of overheating is exacerbated by global heating and the move towards better insulated, 

                                                        
1 jhc@apexacoustics.co.uk 
 

3520



 

 

more airtight, often lightweight buildings with large amounts of fenestration. Heightened risk means 
that many modern residential buildings require windows to be open for longer periods in the year to 
mitigate overheating, compared with older buildings. The need to consider residential development 
on noisier sites, particularly in urban areas, means that new dwellings may also be subject to high 
environmental noise levels. The Chartered Institute for Building Services Engineers (CIBSE) TM60 
– Good practice in the design of homes (2) describes the need to consider integrated design and notes 
that early consideration is often required to achieve passive design solutions. The need to open 
windows to achieve reasonable IEQ has hitherto rarely been properly considered in the design of the 
façade sound insulation: indeed, there has been no guidance on how to do so.  

1.1 Planning and noise 
A requirement to assess and provide mitigation against outdoor sound for a residential development 

in the UK in urban areas is likely to be invoked through the local planning authority as regulators in 
the planning system; thus, the local planning authority maybe responsible for assessing and enforcing 
the proposed mitigation. The local authority may have standards for the control of noise as well as 
overarching sustainability standards requiring an assessment of the need to mitigate overheating risk. 
The need for and provision of adequate ventilation is outlined in the Building Regulations and 
therefore managed through the building control system. Although there is currently no statutory 
requirement to assess the potential for overheating in dwellings as part of the English Building 
Regulations (beyond a tick box exercise in SAP), an assessment may be undertaken to meet planning 
and/or the developer’s requirements. Hence, as well as being undertaken by different designers, the 
adequacy of the provisions for each aspect may be assessed by different bodies and potentially based 
on different assumptions about the use of the windows. 

The ProPG: Planning & Noise (ProPG) (3) was jointly issued by the Institute of Acoustics, the 
Association of Noise Consultants and the Chartered Institute of Environmental Health in June 2017.  
The ProPG provides a framework to consider noise impacts for residential development. It describes 
the need to undertake an assessment of the acoustic impacts of the ventilation strategy and provisions 
or overheating where closed windows are necessary to achieve reasonable internal noise levels. 

The Association of Noise Consultants (ANC) established a working group at the end of 2015 to 
provide guidance on acoustic conditions and design when considering both the provision of ventilation 
and prevention of overheating – the Acoustics, Ventilation and Overheating (AVO) Guide (4). The 
information being developed by the AVO group was fed back to the ProPG group; the AVO Guide 
offers a means of undertaking an integrated assessment of noise with proposed provisions for 
ventilation and overheating. This paper describes the progress  of the AVO Guide that has progressed 
since the earlier presentation of this work by Harvie-Clark et al. (5) This work developed out of the 
problems in residential design for ventilation and noise as previously described by Harvie -Clark and 
Siddall (6). 

Appropriate application of the AVO Guide is intended to align with the principles of good acoustic 
design as described in the ProPG when considering internal noise level guidelines. The ProPG 
contains no quantitative guidance on when the designer should implement noise mitigation for the 
occupants, but merely states a set of principles. The AVO Guide intends to inform this lack of guidance 
so that all stakeholders may adopt a consistent approach, and suitable measures are taken to protect 
occupants’ residential environments from excessive noise in a holistic manner.  

1.2 Unintended adverse consequences 
The evolution of energy performance requirements under building regulations has led to increased 

air tightness and enhanced thermal insulation. However, these changes can have unintended 
consequences. Internal air quality can be poor unless ventilation systems are effective,  whereas the 
efficacy of ventilation systems in leakier buildings was of less consequence. When there is an 
increased capacity to retain heat, dissipation of excessive heat gains can become more problematic, 
with the consequential increase in overheating risk. Other factors currently contributing to overheating 
risk include climate breakdown and the urban heat island effect.  

A fragmented design approach results in accommodation that may be uncomfortable to occupy and 
hence may be considered unsustainable. Residual risks for stakeholders include health and wellbeing 
risks for occupants, design risks for consultants and legal risks for developers. The increasingly urgent 
need for an integrated approach to consider noise, ventilation and overheating has been the motivation 
to produce the AVO Guide. 
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1.3 Scope 
The AVO Guide is intended for the consideration of new residential development that will be 

exposed predominantly to airborne sound from transport sources and to sound from mechanical 
services that are serving the dwellings in question. Other sources of noise, such as noise from 
industrial, commercial or entertainment premises, and of ground-borne noise and vibration, are 
outside the scope. New apartments, flats and houses are the most common type of new residential 
development; however, the approach may also be used for other types of residential development such 
as residential institutions, care homes, etc. 

There are other benefits for occupants from opening windows, such as the connection with the 
outside, sense of fresh air and perception of draughts when overheating, and sense of control over 
one’s environment. Consideration of these factors is beyond the scope of the AVO Guide.  

The ProPG emphasises the importance and principles of good acoustic design; the AVO Guide is 
intended to contribute to the practice of good acoustic design. It is noted that the overarching 
aspiration of good acoustic design is that residents may open windows without any adverse acoustic 
impact (ProPG: paragraph 2.33); where a site layout achieves these conditions, the portion of the AVO 
Guide relating to environmental noise becomes effectually redundant. In particular, the paragraphs 
2.34–2.36 of the ProPG indicate that an integrated design approach must be taken to acoustic, 
ventilation and thermal comfort conditions. 

The AVO Guide includes an explanation of ventilation requirements under the Building 
Regulations and as described in Approved Document F (ADF), (7) along with typical ventilation 
strategies and associated noise considerations. While these Statutory Requirements have been around 
for many years their correct implementation into building design from both regulators (local authority) 
and building designers has been inconsistent. It describes the overheating assessment methodology 
described in CIBSE TM59 (8) and identifies potential acoustic criteria and guidance relating to 
different ventilation and overheating conditions for both environmental noise ingress and building 
services noise. There is a worked example of the application of the AVO Guide including potential 
design solutions. 

2. Current planning policy, regulations and guidance for noise 

2.1 Planning policy 
Noise management is a devolved issue in the UK. This means that, although there are many 

similarities, different policies and regulations apply in England, Wales, Scotland and Northern Ireland. 
In England, the overarching policy on noise management is set out in the Noise Policy Statement for 
England (NPSE) (9). It contains the vision of promoting good health and a good quality of life through 
the effective management of noise within the context of Government policy on sustainable 
development. The NPSE contains three aims, namely: 

Through the effective management and control of environmental, neighbour and neighbourhood  
noise within the context of Government policy on sustainable development:  

 Avoid significant adverse impacts on health and quality of life;  
 Mitigate and minimise adverse impacts on health and quality of life and  
 Where possible, contribute to the improvement of health and quality of life. 

With regard to land-use planning in England, the relevant policy is primarily set out in the National 
Planning Policy Framework (NPPF) (10). For noise, the requirements are consistent with the NPSE 
and set out at paragraph 180: “Planning policies and decisions should . . .: (a) mitigate and reduce to  
a minimum potential adverse impacts resulting from noise from new development – and avoid noise 
giving rise to significant adverse impacts on health and the quality of life”. 

The implementation of the policies in the NPPF is supported by a suite of web-based guidance, 
including the Planning Practice Guidance on Noise (PPG(N), www.gov.uk/guidance/noise--2). It 
contains much advice and includes a table which summarises the noise exposure hierarchy based on 
the likely average response. The PPG(N) makes it clear that noise can override other planning 
concerns. It points out, though, that neither the NPSE nor the NPPF expects  noise to be considered in 
isolation, separately from the economic, social and other environmental dimensions of proposed 
development. In the 2018 revision to the NPPF, there is also a reference at paragraph 149 to mitigating 
the risk of overheating. 

In their local development plans, Local Planning Authorities can include noise exposure values as 
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standards for various situations. The PPG(N), however, states that care should be taken to avoid these 
standards from being implemented as fixed thresholds as specific circumstances may justify some 
variation being allowed. 

2.2 BS 8233 
British Standard 8233 (11) provides a wide range of guidance regarding sound insulation and noise 

reduction in buildings. For noise from steady external sources, it recommends that it is desirable for 
the internal ambient noise levels set out in Table 1 not to be exceeded. These levels are accompanied 
by various notes to indicate that the levels are annual average data based on existing guidelines issued 
by the World Health Organisation (12,13). Where a development is considered necessary or desirable, 
the levels in Table 1 may be relaxed by up to 5 dB and reasonable internal conditions still achieved.  

Table 1 – Indoor ambient noise levels for dwelling from BS 8233. 

Activity Location 
07:00–23:00 h  

(LAeq,16 hr) 

23:00–07:00 h 

(LAeq,8 h) 

Resting Living room 35 dB - 

Dining Dining room/area 40 dB - 

Sleeping (daytime resting) Bedroom 35 dB 30 dB 
The British Standard includes only qualitative, not quantitative guidance regarding the assessment 

of noise maxima at night. The lack of quantitative guidance in the British Standard has been addressed 
by information on guideline values proposed by Paxton et al (17). 

2.3 WHO Environmental Noise Guidelines for the European Region 2018 
Published in October 2018, the WHO Environmental Guidelines for the European Region (14) 

followed a new approach to developing guidance. Throughout the process, the approach used was the 
Grading of Recommendations Assessment, Development and Evaluation (GRADE). Based on the 
defined scope and key questions, these guidelines reviewed the pertinent literature in order to 
incorporate significant research undertaken in the area of environmental noise and health  since the 
Community Noise Guidelines (12) and Night Noise Guidelines for Europe (13) were issued. 

Eight systematic reviews of evidence were conducted to assess the relationship between 
environmental noise and various health outcomes. A separate systematic review of evidence was 
conducted to assess the effectiveness of environmental noise interventions in reducing exposure and 
associated impacts on health. We look forward to incorporating the findings from these reviews and 
new Guidelines. 

2.4 CIBSE, Guide A, Approved Document F 
Recommended comfort criteria for indoor noise levels from mechanical services are given in Table 

1.5 of Industry guidance document CIBSE Guide A, (15) although no limits are given for bathrooms, 
toilets or circulation areas. Building Regulations Approved Document F (Section 4.3.6) also gives 
guidance on noise levels that should not be exceeded by a continuously running mechanical ventilation 
system on its minimum low rate, although currently the noise caused by ventilation systems is not 
controlled by the Building Regulations  

2.5 Proposed guideline values 
The contribution to internal noise levels from transport sources and from mechanical services is 

considered separately and independently. For both sources of noise, the AVO guidance makes a clear 
distinction between the situation where ventilation is being provided as defined by ADF whole 
dwelling ventilation (‘ADF ventilation condition’) and the situation where measures are in place to 
reduce overheating risk (‘overheating condition’). In terms of noise effect, the important distinction 
between these two situations is that the ADF ventilation condition applies continuously all year 
whereas the overheating condition applies only for a portion of the year. Existing guidance is 
referenced for noise from mechanical services. In the case of noise from transportation sources, there 
is no distinct or appropriate existing guidance for the overheating condition. The guidance presented 
in the AVO Guide considers the potential acceptability of higher internal ambient noise levels in terms 
of the effect on occupants. 
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3. Internal noise levels guidelines: adaptive acoustic comfort 

3.1 Transportation noise sources 
The desirable internal noise guidelines within Table 4 of BS 8233 (as reproduced in Table 1) should 

be achieved when providing adequate ventilation as defined by ADF whole dwelling ventilation. 
However, it is considered reasonable to allow higher levels of internal ambient noise from transport 
sources when higher rates of ventilation are required to mitigate  overheating (‘ventilative cooling’). 

The basis for this is that the overheating condition occurs for only part of the year, and occupants 
may accept a trade-off between acoustic and thermal conditions given that they have some control 
over their environment. Occupants may be more willing to accept higher short-term noise levels in 
order to achieve better thermal comfort. The working group are not aware of specific research 
available to support this view regarding human response to combined exposure to heat and noise. 
However, the notion that control over one’s environment moderates the response to exposure is 
accepted in the field of thermal comfort and underpins the adaptive thermal comfort model.  We 
describe this as “adaptive acoustic comfort”. The acceptability of higher internal ambient noise levels 
has been considered in terms of various effects such as daytime annoyance and interference with 
activities (e.g. conversation) and sleep disturbance at night time.  

The effect of increased internal ambient noise from transport noise sources will depend both on the 
absolute noise level and the amount of time that an increased ventilation rate is required to control 
overheating. A good design process should therefore, as a priority, seek to minimise heat gains, thereby 
reducing the amount and duration of ventilation required to control overheating and the consequential 
effect from increased noise ingress. A two-level risk assessment procedure is proposed to estimate the 
potential impact on occupants in the case of the overheating condition, as illustrated in Figure 1. 

 
Figure 1. Two-level noise assessment procedure – overheating condition 

 
The Level 1 assessment may be sufficient for developments on ‘Low’ and possibly ‘Medium’ risk 

sites. The Level 2 assessment may be appropriate for ‘Medium’ risk sites, depending on the potential 
overheating risk and is always suggested for ‘High’ risk sites. The Level 1 assessment is based on the 
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assumption of using a partially open window to mitigate overheating. The AVO Guide presents values 
that are 13 dB higher than those in Table 2, to suggest a set of external free-field noise levels. The 
assumed outside-to-inside level difference of 13 dB is taken into account for partially open windows 
from the facade level externally, according to Locher et al  (16). This level difference is considered 
representative of typical domestic rooms with simple facade openings of around 2% of the floor area. 
It should be noted that this area of opening is not necessarily adequate to mitigate overheating and, 
should the design under consideration deviate significantly from this situation, then the levels should 
be adjusted accordingly. The noise levels suggested in Table 2 assume a steady road traffic noise 
source but may be adapted for other types of transport.  

Table 2 – Guidance for Level 2 assessment of internal noise (external sources) for overheating condition 

LAeq,T 

07:00–

23:00 

LAeq,T  

23:00–

07:00 

Individual noise events 

during 23:00-07:00 
Example of outcomes 

Risk 

category 

≤ 35 dB ≤ 30 dB 

Do not normally exceed 

45 dB LAF,max by > 10 dB 

or 10 times a night 

Noise can be heard, but does not cause 

any change in behaviour or attitude. 
Negligible 

> 35 dB 

and 

≤ 40 dB 

> 30 dB 

and 

≤ 35 dB 

- 
Noise can be heard and causes small 

changes in behaviour and/or attitude. 
Low 

> 40 dB 

and 

≤ 50 dB 

> 35 dB 

and 

≤ 42 dB 

Do not normally exceed 

65 dB LAF,max 

Increasing risk of adverse effect. Noise 

levels at the lower end of this category 

may be suitable even where occurring 

for a significant proportion of the year. 

Noise levels at the upper end of this 

category may still be suitable provided 

they only occur for limited periods. 

Medium 

> 50 dB > 42 dB 
Normally exceeds 

65 dB LAF,max 

The noise causes a material change in 

behaviour and/or attitude. 
High 

 
The values presented in these tables should not be regarded as fixed thresholds, and reference can 

also be made to relevant dose response relationships, such as those described in ProPG. Regular 
individual noise events should also be considered – refer to Appendix A of ProPG for further guidance, 
and Paxton et al (17). The risk of an adverse effect occurring will also depend upon the timing, duration 
and frequency that mitigation of overheating is likely to result in increased internal noise levels. The 
daytime levels presented in this table may not be appropriate for residen tial care homes or other 
situations where conditions for daytime resting are known, at the design stage, to be of particular 
importance. 

3.2 Internal noise level guidelines -mechanical services 
Human hearing response and annoyance of noise are of primary concern when considering building 

services noise in dwellings. A range of research (18–20) demonstrates that occupants adjust 
mechanical ventilation systems to a level of noise that is tolerable or disable them entirely if the noise 
is not tolerable. Either of these actions can result in insufficient ventilation if infiltration is well 
controlled in an airtight dwelling; the adverse effects of this include poor indoor air quality and 
consequential risk of adverse health effects. 

While these studies are examples of how occupants respond to the noise from the equipment, the 
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actual noise levels or the character of the noise that people may tolerate are not well documented in 
the literature according to Harvie-Clark et al (18). The guidance values in this chapter assume steady 
noise levels without distracting characteristics. There is also very little information relating to the use 
of mechanical systems which use ambient air to mitigate overheating (‘mechanical ventilative 
cooling’), and very few examples of it being used in the UK. Mechanical systems which provide 
cooled air are more commonly used and their operation can be complex, with a combination of cooling 
options with associated airflow rates and noise levels. ADF suggests that to ensure good acoustic 
conditions, the noise levels within living rooms and bedrooms should not exceed  30 dB LAeq,T. A 
summary of the proposed noise levels from various guidance is shown in Table 3. Recommendations 
for desirable internal ambient noise levels for ADF ventilation conditions are set out in Table 3. 

 
Table 3 – Indoor ambient noise levels from mechanical services – guidance level summary 

Ventilation 

condition 
Possible system or design solution 

Desirable internal ambient noise 

levels from mechanical services, LAeq 

ADF Whole 

dwelling 

MEV or MVHR 

Minimum low ventilation rate 

Bedrooms ≤ 26 or 30 dB 

Living rooms ≤ 30 dB 

ADF 

Extract 

Intermittent extract fans 

Continuous MEV or MVHR 

Minimum high ventilation rate 

Bedrooms ≤ 26 or 30 dB 

Living rooms ≤ 35 dB 

Bathroom / WC / kitchen ≤ 45 dB 

ADF Purge Manually controlled fan, min. 4 ach-1 No noise limits 
 
Lower noise levels may be appropriate for some residential development, and mechanical services 

noise levels not exceeding 24–26 dB LAeq,T within bedrooms may be required to prevent adverse 
reaction from some occupants when falling asleep according to Harvie-Clark et al.(18); hence the 
range of potential criteria in Table 3 for guideline levels in bedrooms.  

Recommendations for desirable internal ambient noise levels for overheating conditions are set out 
in Table 1.5 of CIBSE Guide A. Section 1.10.10 of CIBSE Guide A states that the comfort criteria are 
a guide only, and higher or lower values may be appropriate. It suggests that a range of ±5 dB may be 
acceptable depending on the particular situation. The duration, regularity, degree of occupant control  
and magnitude of the noise levels associated with the overheating condition should be taken into 
consideration when establishing suitable noise levels.  

BS EN 15251(23) is currently under revision as Pr-EN 16798-1 (24). The currently proposed noise 
levels in Pr-EN 16798-1 would be considered excessive, based on the literature described by Harvie -
Clark et al (18) and would lead to significant problems if adopted. The same values with a very similar 
classification are also published in BS ISO 17772-1 (25). 

4. Conclusions and further research 
The integrated assessment of acoustic conditions along with provisions for ventilation and 

overheating is urgently needed to prevent residential accommodation being developed that offers 
occupants only one of these aspects of IEQ. The AVO Guide offers a comprehensive means to 
undertake this assessment within the existing planning policy framework for noise in England. The 
AVO Guide offers an example of its application as an Appendix to assist the user. Case studies and 
guidance on potential design solutions to enable passive ventilative cooling in higher noise 
environments are also provided as Supporting information.  

No existing research has been identified that investigates the inter-dependence of acoustic and 
thermal comfort in dwellings or the indoor level from external sources that may be acceptable to 
occupants on a short-term basis when the mitigation of overheating is required. Perceived occupant 
control over the environment is key to higher tolerance of less than ideal condit ions. It is 
recommended that appropriate research should be undertaken on the basis of both lab studies on 
relatively small groups under closely controlled conditions and also field studies on larger groups to 
assess behaviour in real-life conditions. 

Occupants’ tolerance to noise from mechanical services also requires further research if adverse 
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intervention to the operation of ventilation systems is to be avoided. The authors are collaborating for 
funding to pursue this research in conjunction with Salford, Oxford Brookes and Glasgow universities. 
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Requirements for the façade sound insulation  
for different types of outdoor noise 
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ABSTRACT 
Buildings are exposed to a wide variety of external noise situations. The time course of the sound pressure 
level and the frequency response of external noise can vary greatly between the vicinity of roads compared 
to the vicinity of airports or railways.  
The sound insulation of facades protect the indoor spaces and the residents against external noise day and 
night. The German standard DIN 4109 "Sound insulation in building construction” contains the minimum 
requirements for sound insulation for all new buildings in Germany. All requirements are based on a single-
number-value, the equivalent sound pressure level, without adequate respecting to the particularities of the 
frequency response and time structure of a sound source. 
The presentation shows the German standard values in building acoustics and the subject of external noise. 
The results of measurements of different sound sources will be shown. A new approach and an outlook for 
further possibilities to protect inhabitants appropriately to the noise situation will be discussed. 
 
Keywords: façade sound insulation, building acoustics, outdoor noise 

1. INTRODUCTION 
In most countries, the façade sound insulation of residential buildings is determined as a function 

of the calculated external noise. External noise is calculated using the average traffic d ensity of the 
nearby roads and railways as a single number value. In most cases annual average traffic volumes are 
used. Seasonal and daily fluctuations are not taken into account. Level fluctuations or maximum level 
during a single vehicle pass by or frequency characteristics are also not considered.  

However, since the change of DIN 4109 (1) outside noise levels in the nighttime must be respected 
in Germany. This leads on average to an improvement of the façade sound insulation against external 
noise. 

1.1 German standard DIN 4109 
DIN 4109 "Sound insulation in building construction" (1) includes minimum requirements for the 

sound insulation for new building construction. In 2016, the standard was reissued. Since then, the 
standard consists of 4 parts dealing with various aspects of sound insulation. DIN 4109-1 "Minimum 
requirements" and 4109-2 "Computational proofs of compliance" have already been revised and 
republished in 2018. 

A major deficit of the old DIN 4109 from 1989 was the inadequate protection in buildings from 
nocturnal noise. Since 2016 the outside noise levels in the nighttime must be taken into account in 
order to determine the façade sound insulation of buildings. As a result the requirements slightly 
increased for the majority of the construction projects in Germany.  

2. PROTECTION OF INDOOR SPACES AGAINST OUTDOOR NOISE 

2.1 Indoor sound level and protection level  
For the maintenance of the psychomotor efficiency and health undisturbed sleep in sufficient 

duration is of central importance. Therefore the outdoor noise level must be considered, when 
constructing residential buildings in Germany. The calculation method of the façade sound insulation 
of DIN 4109 leads to an average indoor noise level of 35 dB during the daytime and 25 dB during the 
nighttime.  
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2.2 Day and night level differences 
The level differences between day- and nighttime depend on the fluctuation of the traffic density. 

The Data of the noise mapping in Germany consists the calculated day-, evening- and nighttime level 
for a large number of streets and railways in Germany. For an assessment of the day and night level 
differences a data set of the noise mapping of 5 metropolitan areas in the federal state of Hessen was 
evaluated, which covers a total of approximately 1,600 kilometers of road and approximately 750 
kilometers of railway. Figure 1 shows the day-night level differences of the roads. The day night-level 
differences for railway are shown in figure 2. Both figures are displayed as histogram with the 
investigated length of roads or railway. 

 

 
Figure 1 – Day and night level differences for road traffic 

 
Figure 2 – Day and night level differences for rail traffic 
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The investigated day-night level differences strongly depend on the street category. The 
investigated highways show a much smaller day-night level difference than roads with usually less 
traffic like district roads or municipal roads.  

The investigated railway lines show a much wider range and on average lower day-night level 
differences than the examined roads. The day-night level differences of the railway lines are mainly 
in the range -8 to 10 dB. On numerous railways, the nighttime period is even louder than the daytime 
period. This is mainly caused by the night freight train traffic. Very few of the investigated railway 
lines have no or very little rail traffic at night. These railway lines are summarized in Figure 2 with a 
calculated day-night level difference of 26 dB. 

2.3 Seasonal and daily level fluctuation 
The daily level fluctuation of traffic mainly depends on the street category and with it the task of 

the street in the surrounding street network. The sound level does not only depend on the amount of 
vehicles, but as well on the traffic mix of trucks, cars and motorcycles. 

For an investigation of a road in the city of Karlsruhe in Germany the daily sound levels had been 
measured by the State Office for the Environment, Measurements and Nature Conservation of the 
Federal State of Baden-Württemberg (LUBW) over three years (2). The average sound levels for the 
weekday are displayed in Figure 3. As Figure 3 shows the measured sound pressure level beside the 
road vary during the daytime between 67 and 68 dB(A) in 2018. Average sound pressure levels on 
Saturdays and Sundays are lower than the sound pressure levels during the workdays from Monday to 
Friday, even when the differences are small. 

 

 
Figure 3 – Average Weekday fluctuation of the sound level at Reinhold-Frank-Straße  

in Karlsruhe (2) - modified 
 
Figure 4 shows the results of the measurements of the LUBW (2) for the fluctuation of sound levels 

for the whole year period. Figure 4 shows the Lm,T - the average sound pressure level for the daytime 
(6 am to 10 pm) - and the LDEN - the average sound pressure level for the 24 h of a whole day, including 
day-, evening-, and nighttime.  

During summertime the noise level measured beside the roads are slightly lower than during the 
wintertime. For example in 2018 the LDEN varies between 66 dB(A) and 68 dB(A), while the LDEN 
varies between 69 dB(A) and 71 dB(A). 

 

Monday   Tuesday   Wednesday  Thursday   Friday   Saturday   Sunday 

So
un

d 
pr

es
su

re
 le

ve
l i

n 
dB

(A
) 

 

3530



 

 

 
Figure 4 – Average yearly fluctuation of the sound level at Reinhold-Frank-Straße  

in Karlsruhe (2) - modified 

2.4 Maximum sound pressure level during a vehicle pass by 
The outdoor noise to which buildings a subjected is not an average year-, week- or day sound level. 

The outdoor noise underlies fluctuations within every vehicle pass by. Especially trains got in the 
focus of public discussion in Germany and a study of the Hessian Ministry of the Environment, 
Climate Protection, Agriculture and Consumer Protection (3) shows that fluctuating sound pressure 
level can lead to interruption of sleep and impair sleep quality. The indoor noise level can become 
sleep disturbing, especially when the façade sound insulation is determined to an average sound 
pressure level.  

One way to describe the fluctuation of sounds is the comparison between the maximum sound level 
and the average sound level during a measurement period. The difference between maximum level 
and average level only depend on the sound source, but as well on the distance to the source. In 
Germany exist a large number of railway noise measurement stations. As an example in table 1 the 
measurement results of a measurement station based in the Hessian city Assmannshausen in the 
Middle Rhine Valley from 2018 (4) is shown. The measurement station is placed very close to the 
track in about 7 m distance. Data was provided by the Hessian Agency for Nature Conservation, 
Environment and Geology (HLNUG). 
Table 1 – Average and maximum railway sound levels of the measurement station in Assmannshausen (4) 

  
Day Night 

Month LAeq LAF,max LAeq LAF,max 

Jun 18 71,9 98,8 74,6 99,3 

Jul 18 72,0 99,0 74,4 98,7 

Aug 18* 71,6 99,1 74,2 99,6 

Sep 18 72,0 99,6 74,3 99,5 

Oct 18 72,2 99,7 74,2 99,1 

Nov 18 71,5 99,5 72,7 98,2 

Dec 18 70,3 98,9 72,3 97,7 
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2.5 Frequency response 
Beside the differences in time structure the frequency response of outdoor noise can vary widely. 

In conjunction with the frequency spectrum of façade components, as windows, the indoor level can 
be influenced because of the frequency signature of different sound sources.  

The German standard DIN 4109 includes a 5 dB reduction to railway noise because railway traffic 
consists less low frequency noise than road traffic noise. In the last few years in Germany several 
investigations dealt with the topic of "spectrum corrections" and "spectrum adjustment values" (e .g. 
Schedl (5), Leupoldt (6) and Fischer (7)). Additionally the German standard VDI 2719 “Sound 
insulation of windows and their auxiliary facilities” of 1987 (8) contains spectrum adjustment values 
for façade sound insulation. The VDI 2719 shall be revised soon. 

Schedl (5) investigated the spectral properties of more than 1,000 windows and summarized and 
categorized their frequency-related noise reduction measures. Leupoldt (6) determined the pass-by 
spectrum of about 500 trains at 9 locations and evaluated 140 overflights. Fischer (7) determined the 
spectrum of various road traffic situations at 8 measuring locations with approximately 60 20-minute 
measurements each. The results are summarized in Table 2 and divided according to the categories of 
VDI 2719 (8). 

 
Table 2 – K-values and spectrum adjustment values comparison between VDI 2719 (8) and Fischer (7) 

  VDI 2719 Fischer 

Immission points near… 

K  

 

in dB 

typ of  

window 

 

average  

(rounded) 

in dB 

maximum 

value 

in dB 

railway lines with predominant  

Passenger transport 
0 

single 

0 2,5 
box type 

other railway lines 3 
single 

box type 

inner-city roads 6 
single 4 6 

box type 6 8,5 

other roads 3 
single 1 2 

box type 2 3 

airports 6 
single 

7 11,3 
box type 

 
The comparison of the K-values for railway lines (all) and inner-city roads show, that there is a 

difference on average for single and box type windows of approximately 5 dB.  
Other roads have only about 1 dB difference compared to rail lines. There is thus a difference of 

approximately 4 dB between inner-city roads and other roads. The reason given by Fischer is in 
particular the faster out-of-town speeds, which lead to a low proportion of low-frequency noise in the 
overall noise. 

According to the results of Leupoldt, the spectral differences between freight traffic and passenger 
traffic are low on average. Routes with a train mix of freight and passenger traffic can thus be 
combined with routes with predominat passenger traffic. 

 

3. CONCLUSIONS 
The committee of the DIN 4109 has set up a working group, which deals intensively with the 

questions around the topic outdoor noise. The main task is the development of the existing regulations 
on façade sound insulation. Outdoor noise underlies a wide variation. Depending of the sources, 
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distances or obstacles in the transmission path, the time and frequency structure of the outdoor noise 
influences the indoor noise. 

In first investigations the night and daytime sound level differences could be determinated for 
different road types and trains. They show that the day-nighttime level differences often stay below 
10 dB. With the goal of an average indoor sound pressure level of 35 dB daytime and 25 dB nighttime 
it is important to consider the night time noise levels to determine the necessary façade sound 
insulation.  

A three year continuous measurement of road traffic noise of the LUBW (2) show that the daily, 
weekly and yearly fluctuations of noise have a negligible impact on the outdoor noise sound pressure 
level. The average fluctuation of the investigated sound level stays under 1 to 2 dB so the yearly 
average traffic intensity seems to be a good predictor for the calculation of outdoor noise  sound 
pressure levels. 

Measurements of railway noise of the HLUNG (4) show that the maximum sound pressure level 
and the equivalent average sound pressure level deviate largely in the vicinity of railway tracks.  

The investigations by Schedl (5), Leupoldt (6) and Fischer (7) show that traffic noise can be much 
more differentiated in the determination of spectrum correction terms than currently specified in DIN 
4109 or in VDI 2719. The consideration of a 5 dB correction sum due to the spectral composition of 
rail traffic is on average justified on the basis of the available studies on spectral characteristics of 
traffic noise sources in Germany. 

However, this general consideration leads to a strong under- and over-dimensioning in the 
construction practice, because it is a strong simplification and summary of the actual spectral 
properties of the traffic noise and the sound insulation of the exterior components . A more detailed 
model could effectively reduce the under- or over-dimensioning of the sound insulation of the external 
façade. 

 
Further research on the spectral and time related properties of various external noise situations is 

necessary as well as further investigations on the maximum sound pressure level. 
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Ventilative cooling in noisy environments:  
practical options for the UK 
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1,2 Apex Acoustics, UK 

ABSTRACT 
It is only very recently that a proper consideration of the internal acoustic environment when mitigating 
overheating has started to be taken seriously in the UK.  Previously this issue has not been addressed by the 
various regulatory systems, and developers have been reluctant to pay for what they have seen as an 
unnecessary consideration.  The Association of Noise Consultants has produced the criteria and guidance in 
its draft Acoustics, Ventilation & Overheating: Residential Design Guide. At this crucial stage in the 
establishment of new approaches for the construction industry, we are setting out “rules of thumb” with 
typical options for ventilative cooling in varying external noise environments.  We are developing solutions 
in collaboration with mechanical engineers and product manufacturers that are suitable for UK building 
typologies.  Vents in the external facade are found to present the easiest adoption into current building 
designs.  As acoustic attenuation typically involves airflow resistance, mechanical fans are required to 
ensure ventilation rates are achieved in noisier environments or where the apartment has single-sided 
ventilation opportunities. 
 
Keywords: Passive attenuated ventilative cooling, vents, acoustics ventilation overheating  

1. INTRODUCTION 
The need to mitigate overheating in modern dwellings can require ventilation rates much greater 

than the rates requires to simply provide reasonable air quality. The provision for purge ventilation, 
usually opening windows, is typically relied upon for this purpose. However, high noise levels are 
frequently cited as a reason that residents are reluctant to open windows to provide increased 
ventilation, and they may suffer from over-heating as a result. The regulatory framework in the UK 
does not currently require noise and overheating requirements to be considered together and this has 
led to the situation where the majority of planning application include noise assessments based on 
closed windows and overheating assessments which assume that the windows are open, as described 
by Conlan et al (1).  

 This paper presents practical methods to provide ventilation rates that may be suitable to mitigate 
over-heating using façade mounted ventilation systems and compares the performance with open 
windows. Other methods such as good acoustic design for the building location and orientation, the 
use of balconies or enhanced window configurations can also reduce the noise ingress to the building ; 
these are discussed by Conlan et al (2)(3). 

2. AVO GUIDE  
The Association of Noise Consultants has produced the draft Acoustics Ventilation and 

Overheating (AVO) Residential Design Guide (4). The AVO Guide recommends an approach to 
acoustic assessment that takes regard of the interdependence of provisions for ven tilation to mitigate 
overheating with external noise ingress. It provides guidelines for indoor ambient noise levels during 
the time periods when cooling may be required, and the proposed levels are higher than the generally 
accepted annual-average noise levels on the basis that only occur part of the year. This is based on an 
assumption of “adaptive acoustic comfort” as described by Harvie-Clark et al (5) -  where occupants 
may exercise control over the internal environment by opening windows, for example.  

                                                        
1 NC@apexacoustics.co.uk 
2 JHC@apexacoustics.co.uk 
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3. VENTILATIVE COOLING 

3.1 Definition  
Ventilative cooling is a way to cool indoor spaces through the use of natural (passive) ventilation, 

mechanical ventilation strategies or a combination of both. Ventilative cooling uses outside air to 
remove heat from indoor spaces to mitigate overheating. Ventilative cooling can save cooling energy 
and gives more flexibility and design options for buildings, enabling a broader range of design 
solutions to fulfil building energy legislations (6). Ventilative cooling aims to cool a dwelling without 
using coolants, which are typically referred to as air conditioning systems.  

3.2 Natural ventilation options 
In its simplest form, ventilative cooling would be the opening of a window to allow cooler external 

air to reduce the internal temperature. For noisy environments an attenuated ventilator could be used to 
provide a similar airflow as an open window. The efficiency of the natural ventilation can be 
influenced by design decisions such as the opening dimensions, the number of openings and their 
position in a building e.g. is it single sided ventilation, or can the dwelling be ventilated by openings 
on more than one façade – cross flow ventilation. In addition to the design influence, the air flow at any 
one time will be determined by variable uncontrolled factors which are the wind speed, wind direction 
and temperature difference between outside and inside of the building. 

3.3 Mechanical ventilation and hybrid options 
A full mechanical ventilation system would consist of a fan unit within the dwelling which is ducted 

to the building facade to bring air into the dwelling with a separate duct for the exhaust air. For a 
mechanical extract system the air usually enters the building via a façade mounted ventilator and 
would be extracted mechanically by a fan. In the UK these systems would typically be referred to as 
MVHR and MEV systems respectively. 

The advantages of using a mechanically assisted system is that the airflow rate can be controlled by 
the fan and is not subject to external factors. Façade air inlets can be much smaller as the pressure 
differences induced by the fan can be much greater than the natural pressure differences from ambient 
conditions. The disadvantages are that the system would use energy compared to a natural ventilation 
system and that the system is likely to require greater maintenance during the lifetime of the building. 

4. VENTILATION OPENING TERMINOLOGY 

4.1 Single openings  
There is much confusion regarding the terminology used to describe ventilation openings; the 

proposed definition used here are taken from Jones et al (7). A sharp-edged orifice is a circular opening 
with unsmoothed edges and a length that is significantly shorter than its diameter. The airflow rate, Q 
(m3/s), through and sharp edged opening is proportional to its cross sectional area, often referred to as 
a free area, Af (m2). It is also a function of the pressure drop across the opening ΔP (Pa), the density of 
the air  (kg/m3) and geometry of the opening such that: 

 (1) 
Where Cd is the discharge co-efficient used to account for the restriction to the airflow for different 

opening types, and for a circular sharp-edged orifice Cdo = 0.61. In practice the use of free areas lacks 
definition and can lead to different estimates. In Approved Document F it is described as the geometric 
open area of a ventilator The discharge coefficient Cd of a window can be estimated using a 
spreadsheet, based on measured data, and with variables for the windows dimensions and degree of 
opening, as described by Daniels et al (8). 

4.2 Equivalent and Effective areas 
The equivalent area, Aeq, is a measure of the aerodynamic performance of the ventilator and is 

defined as the area of a sharp-edged orifice which air would pass through at the same flow rate for the 
same pressure difference as the opening under consideration. The air flowing through the orifice is still 
restricted by the discharge coefficient of the orifice. It can be represented by the equation: 

 
 (2) 
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The effective area, Aeff, (or net area) is also a measure of the aerodynamic performance and is 
represented by the equation: 
 

 (3) 
 

The effective area is considered the most useful parameter for defining the aerodynamic 
performance of a ventilation opening. 

5. ACOUSTIC PERFORMANCE OF VENTS 

5.1 Individual Vents 
The acoustic performance of vents are given as the element normalized level difference, Dn,e, and is 

expressed in decibels (dB).The performance is measured in a laboratory following the methodology of 
BS EN ISO 10140 (9) and calculated using equation (4). 

 
 (4) 

 
For unsilenced air inlets, such as a simple opening or weather louvre in the façade, the value can be 

calculated using the following equation as described in BS EN 12354-3 (10): 
 

 (5) 
 
Where Sopen is the area of the opening in m2. 

 
As the performance is based on a single vent, if more than one vent is used in a façade then the 

internal noise will increase as additional sound energy will enter the building. For more than one vent 
with the same acoustic performance, Dn,e , the performance of N number vents is:  

 
 (6) 

 

6. PASSIVE VENTILATION OPTIONS 

6.1 Comparison of open windows and attenuated vents 
To compare the acoustic performance of an attenuated vent with an open window it is necessary to 

determine the equivalent ventilation performance of each. For this comparison we compare a square 
façade opening with the physical open area of 1 m2. Assuming a coefficient of discharge, Cd, for the 
opening of 0.62, the opening has an effective area, Aeff, of 0.62 m2. For comparing acoustic vents and 
open windows on this basis the effective area of the element (vent or open window) should also be 0.62 
m2. An open window which has the same effective area would typically be 1.5 m wide, 1.15 m height 
and opened to 25 degrees, giving a 0.5 m throat opening. 

We have compared test data for commercially available vents, which have both acoustic and 
ventilation performance data. The tested vents have a face area of 1.2 m x 1.2 m and consist of an 
external weather louvre, an attenuator and an internal damper (tested separately for the acoustic tests). 

6.2  Acoustic ventilator performance  
For each tested acoustic ventilator, the effective area of the unit and therefore the total area of 

ventilator required to achieve the same effective area as the 1 m2 opening, has been calculated. The 
acoustic performance of the ventilator is adjusted to account for the area of the vent using equation (6). 
The resulting acoustic performance for each of the tested acoustic vents is shown Table 2.  
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Table 2 – Acoustic performance of attenuated vents with an effective area of 0.62 m2 

Vent Description 
Effective 

Area m2 

No. vents required 

to achieve 

0.62 m2 Aeff 

Dn,e,w + Ctr  

one vent 

Dn,e,w + Ctr  

for vents with  

Aeff = 0.62 m2 

1 m2 opening 0.62 m2 1 m2 10 10 

600 mm long 40% OA  0.17 3.69 21 15 

600 mm long 25% OA 0.12 5.20 25 18 

300 mm long 40% OA 0.21 2.91 17 12 

300 mm long 25% OA 0.12 5.05 21 14 

150 mm long 40% OA 0.22 2.88 15 10 

100 mm long 25% OA 0.17 3.74 15 9 

 
A summary of the dimensions and acoustic performance of a simple opening, open window and 

attenuated vents, which provide the same ventilation performance, is shown in Table 3 
 

Table 3 – Comparison of window and attenuated vents required to provide the same effective area, 0.62 m2 

 

1 m2 opening 
1.5 m x 1.15 m window 

open at 25  

2 m x 1.44 m x 0.15 m 

attenuator 

2 m x 2.6 m x 0.6 m 

attenuator 

Dn,e,w + Ctr 10 dB [varies] Dn,e,w + Ctr 10 dB Dn,e,w + Ctr 18 dB 

 
The values of acoustic performance against the size of the attenuators has been plotted to establish 

the relationship between the volume of the attenuator and the required acoustic performance . An 
estimate of the required volume for an attenuator, V, for a given acoustic performance and effective 
area can be made using:   
  

] (7) 
 
The estimated volume doesn’t include the space required for louvres, filters or dampers and is just 

for the attenuation element. 

7. COMPARISON OF OPEN WINDOWS 

7.1 Napier University Study 
A study of the sound insulation through ventilated domestic windows (11) gives the acoustic 

performance of different window types opened to provide different free areas. As overheating control 
generally requires larger window openings compared to ventilation rates for air quality, only the 
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largest tested free area of 0.2 m2 has been assessed.  
The effective area for each window type has been calculated using Daniels (8) and the measured 

acoustic performance has been adjusted based on the area required to provide an effective area of 0.62 
m2. The predicted acoustic performance for each of the window types is shown in Table 3.  

 
Table 3 – Comparison of window acoustic performance to provide the same effective opening 

Window reference 
Glazed Area 

m2 

Effective area   

m2  

Dnew + Ctr    

dB 

Dnew + Ctr  

for windows with  

Aeff = 0.62m2 

A1 – Side hung 0.45 0.124 17 10 

A2 – Top hung 0.15 0.133 15 8 

C – Tilt and Turn 0.71 0.120 17 10 

D – Sliding Sash 0.45 0.106 15 7 

E – Top hung  0.21 0.081 18 9 

F – Top hung 0.28 0.093 18 10 

G – Side hung 0.38 0.112 17 10 
 

The predicted performances of the different window types are very similar, with the sash window 
being the poorest performing and potentially the small hinged windows performing slight ly worse than 
the large windows. None of the windows performed better than the theoretical performance of a simple 
opening with an effective area of 0.62 m2, which would be a 1 m2 opening and a predicted Dnew + Ctr of 
10 dB. 

8. PREDICTED REQUIREMENTS FOR APARTMENTS 

8.1 Overheating study for typical apartment design 
Hilson Moran (12) have undertaken a detailed study of parameters which can influence the 

potential for overheating for a typical single bedroom apartment. They have compared the effects of 
glazing area, vent areas, single or dual aspect, orientation, internal and external shading and thermal 
mass. A typical arrangement of the rooms is shown in Figure 1 which shows both the single and dual 
aspect arrangements for the living room and bedrooms. 
 

Figure 1: Arrangement of typical rooms modelled for overheating 
 

  

Living room 

Dual aspect 
Bedroom 

Single aspect 
Bedroom 

Dual aspect 

Living room 

Single aspect 
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For this assessment we are considering a design which doesn’t incorporate measures to control 
overheating and has a glazed area equal to 40% of the façade area. This area has been used as the 
lowest modelled area which would be likely to achieve the desirable daylighting requirements for the 
apartments. 

The analysis predicted the effective area required to achieve ‘thermal comfort’ – compliance with 
CIBSE TM 59 (13) - and for some orientations it isn’t possible to achieve this even with fully open 
windows. Dual and single aspect rooms were considered; dual aspect living rooms required larger 
open areas as the increased (solar gain) heat loads were not offset by the improved ventilation 
effectiveness. No living rooms achieved the thermal comfort criteria using open windows, apart from 
single aspect north facing rooms. For the bedrooms, thermal comfort criteria could be achieved with 
open windows; the effective areas required for different room orientations, single and dual aspects is 
shown in Table 4. 

 
Table 4 – Effective area of façade opening to achieve thermal comfort in bedrooms of a notional London 

apartment with no overheating mitigation included 

Aspect Orientation 

Effective area of 

ventilation openings 

to achieve thermal 

comfort m2 

Aspect Orientation 

Effective area of 

ventilation openings 

to achieve thermal 

comfort m2 

Single N 1.84 Dual E/N 1.39 

Single E 2.14 Dual N/E 1.39 

Single S 2.45 Dual E/S 2.09 

Single W 2.45 Dual N/W 2.09 
 
The lowest calculated effective area required is more than twice area of the vents and options 

shown in Table 2. Using equation (7), and for a Dnew of 15 dB, which could be suitable for external 
levels up to 52 dB LAeq,8hr at night, the volume of the smaller ventilator for a dual aspect arrangement 
would be 3.5 m3, or 10 % of the room volume. 

Given that the living rooms cannot be controlled with natural ventilation and the  large size of 
attenuation required for the bedrooms, natural ventilation appears to be impractical for controlling 
overheating in London apartments unless they incorporate overheating mitigation measures and  / or 
improvements are made to the ventilation efficiency of the attenuated vents. 

9. HYBRID OPTIONS 
As a natural system seems to be impractical for controlling overheating in London apartments, 

where noise levels exceed much above 50 dB LAeq,8hr at night, a hybrid system could be considered 
which incorporates a façade mounted vent with an integrated fan to provide air flow. 

9.1 Case study 
The refurbishment of a 26 story building, next to the A12 road in London, required a hybrid 

solution which had 0.12 m2 free area vent for natural ventilation and an integrated fan which could 
provide the ventilation rates required to purge ventilate the rooms.  The system provides 37 dB 
reduction from external to internal noise levels during operation, and is fully controllable from 
switches within the bedroom. A sketch of the internal layout of the building is shown in Figure 2. 
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Figure 2: Interior view of attenuated hybrid vent (image courtesy of TEK Ltd) 

 

10. CONCLUSIONS 
The size of an attenuated ventilator which can provide the same ventilation performance as an open 

window can be estimated for a given sound reduction requirement using the equation (7). The 
overheating assessment of a typical London apartment with no particular overheating mitigation 
indicates that attenuated vents would need to be very large to have any significant control of noise 
ingress and may be impractical. Hybrid or mechanical systems for ventilative cooling are therefore 
likely to be more appropriate, unless the building includes appropriate overheating mitigation, or the 
aerodynamic performance of the vents can be significantly improved. Hybrid systems can be used to 
provide ventilative cooling; these systems can provide natural whole house ventilation, with fans 
providing increased ventilation rates for mitigating overheating. 
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ABSTRACT 
Hong Kong is one of the densely populated area in the world with residential sites surrounded by traffic roads. 
Road traffic noise pollution problem becomes a major environmental issue for residents in Hong Kong. In an 
attempt to tackle road traffic noise impact on residents and ensure good quality of individual’s health and 
well-being, an innovative measure called Baffle Type Acoustic Window has been proposed, which designs to 
benefit residents from environmental noise planning and building ventilation’s aspect. It consists of two 
glazing: (i) an outer openable window and (ii) an inner sliding panel with air gap in between. The inner 
sliding panel is situated right behind the outer openable window. To investigate the acoustic performance of 
Baffle Type Acoustic Windows with different design parameters, a series of acoustic laboratory tests have 
been carried out in accordance to ISO Standard to discover the relationship between the key design 
parameters of the window (e.g. width of overlapping between sliding panel and the window system, size of 
outer window opening and acoustic material used etc.) and its corresponding acoustic performance. 
Keywords: Baffle Type Acoustic Window, Acoustic Performance, Traffic Noise 

1. INTRODUCTION 

1.1 Objectives  
The objective of the on-site acoustic test is to investigate the sound attenuation performance of 

baffle type acoustic window, which would be demonstrated by the additional noise reduction under 
indoor environment when compared with conventional window system International standard ISO 
16283 was adopted.  

1.2 Baffle Type Acoustic Window 
Baffle type acoustic window consist of two layer of glass pane. The outer layer provides opening 

for natural ventilation and the inner layer is a sliding panel situated behind outer opening to shield 
noise. Acoustic performance of the system could be enhanced through applying transparent 
micro-perforated absorber (MPA) panel to the inner sliding panel and also perforated acoustic panels 
provided on the top and side window edges for sound absorption. The two-layered baffle type system 
could create an air path for natural ventilation while reducing noise entering indoors at the same time.  

The sound attenuation of the baffle type acoustic windows was determined through field test. Three 
types of baffle type acoustic windows were chosen for the test. The overlapping sizes of the baffle type 
acoustic windows are of 100mm and the gap between the outer and inner layer is 100mm. The floor 
area of the test room for each window is 4.2m2. Two types of acoustic materials were involved in the 
test: (i) MPA on the inner sliding panel of the window (Noise Reduction Coefficient = 0.5) and (ii) 
perforated acoustic panels on the top and side edges of window frame (Noise Reduction Coefficient = 
0.9).  

This study presents the acoustic performance of baffle type acoustic windows with different sizes 
of window openings and the provision of acoustic materials. Three types of baffle type acoustic 
windows- namely Acoustic Window A, B and C were selected in the study. Acoustic Window A is the 
baffle type acoustic window without any acoustic materials, while B and C have adopted either MPA or 
MPA together with perforated acoustic panels. Example of baffle type acoustic window with and 
without acoustic material are shown below: 
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Figure 1 – Baffle type acoustic window without acoustic material 

 
Figure 2 – Baffle type acoustic window with MPA and perforated acoustic panels  

1.3 Test Case and Conventional Case 
Sound attenuation of baffle type acoustic window is the relative insertion loss of the baffle type 

acoustic window when compared with the conventional window. The conventional window has been 
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adopted in order to evaluate the additional sound attenuation effect of the baffle type acoustic window 
provided.    

Conventional window system represents the system typically implemented to habitable rooms 
(such as bedroom and living room) when noise is not regarded as a design constraint. Window system 
is usually employed in bedroom. The opening size of conventional window follows the prescribed 
window ventilation requirement under the regulations of Buildings Department.   

1.4 Sound Attenuation Definition 
In an attempt to determine the sound attenuation, the insertion loss of baffle type acoustic window 

and conventional window system should be identified and the sound attenuation will then be equal to 
the difference between insertion loss of baffle type acoustic window system and conventional window 
system. In other words, the sound attenuation represents the relative insertion loss of baffle type 
acoustic window system and conventional window system. It can be represented by the formula below:  
ILc = LOc – LIc where  ILc = insertion loss of conventional window system;  
LOc = noise level outdoors before penetrating through the conventional window system; and  
LIc = noise level indoors after penetrating through the conventional window system.  
ILs = LOs – LIs where  ILs = insertion loss of baffle type acoustic window system;  
LOs = noise level outdoors before penetrating through the baffle type acoustic window system; and  
LIs = noise level indoors after penetrating through the baffle type acoustic window system.  
RIL = ILs – ILc = LOs – LOc + LIc – LIs where  
RIL = relative insertion loss = sound attenuation of the baffle type acoustic window system  

2. METHODOLOGY 

2.1 Field Test 
Field test has been conducted to investigate the acoustic performance of the baffle type acoustic 

window with different sizes of opening and provision of acoustic materials in full scale field test 
environment. To simulate the noise reduction as close as possible to the future development, the 
mock-up rooms were constructed in 1:1 scale. The rooms were enclosed with full height acoustic 
panels as wall, while both ceiling and floor were solid. The traffic noise source would be represented 
by loudspeakers and noise measurements were taken inside and outside the test rooms.  

No opening was allowed in the mock-up room, except windows, to ensure the accuracy of test 
results. The envelop was sealed with silicon sealant of any gap was identified to cut off the flanking 
path. 

To represent traffic noise source, A total no. of 11 loudspeakers were set to be a line source with 
total length of 30 m and 3 m in between each loudspeaker at different angles and distances.  Lined noise 
sources will be placed around 0.5m above the ground at a distance of 15 m from the te st surface and 
maintained an elevation angle of 15±5°, which is the worst incident angle for the first residential floor 
of baffle type acoustic window. In addition, white noise was adopted for the measurement. The noise 
source orientation is at 0°, which is directly fronting the test specimen.  

Measurements were taken for both test case and conventional case to find out the additional noise 
reduction provided by acoustic window compared to the conventional window. For the noise 
measurement determined outside the façade of the test room, the average sound pressure level was 
measured 1 m from the plane of the test specimen and at 1.5 m above the floor of the receiving room.  

As for the measurement determined inside the test room (receiver room), the average sound 
pressure level was determined by using a single microphone positioning at different location inside the 
room. The microphone setting was based on international acoustic standards ISO 16283-3 2016– 
Acoustics -- Field measurement of sound insulation in buildings and building elements -- Part 3: 
Façade sound insulations. Minimum five microphone positions were adopted to obtain the average 
sound pressure level of each sound field. These positions were distributed within the maximum 
permitted space throughout the receiving room, spaced randomly. No two microphone positions were 
placed on the same plane relative to the room boundaries and the positions was not in a regular grid.  

On top of the above, noise measurements were made in 1/3 octave bands with center frequencies 
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from 100 Hz to 5000 Hz. The measurement data was then normalized with the traffic noise spectrum 
under the Standard EN1793-3.  

Measurements for the noise levels with the loudspeaker operating were taken simultaneously 
outside the façade and in the receiving room. 5 sets of measurements were taken to ensure the 
repeatability and minimize the measurement errors. The average SPL was calculated to ensure the 
reproducibility to be about 2dB. 

3. TEST RESULTS AND DISCUSSION 

3.1 Results 
The measurement results were indicated as follows. 

Table 1 – Measurement Results of the Baffle Type Acoustic Windows 

Acoustic 

Window  
OO qty 

G 

(mm) 

O 

(mm) 

OOA 

(m²) 

RA  

(m²) 
MPA AP 

RIL 

(dB(A)) 

A 1 100 100 0.9 4.2 N N 4.6 

B 1 100 100 1.0 4.2 Y N 5.5 

C 1 100 100 1.1 4.2 Y Y 6.8 
Note: 
OO qty= quantity of outer opening  
G= gap between the outer and inner layer of the window  
O= overlapping size of the outer and inner layer of the window 
OOA= outer opening area 
RA= floor area of the test room 
MPA= micro-perforated absorber 
AP= perforated acoustic panel on the top and side edges of the window frame 
Y= with the application of a specific acoustic material  
N= without the application a specific acoustic material 
RIL= relative insertion loss of the acoustic window and conventional window 

3.2 Discussion 
In accordance with the test results, Acoustic Window A to C could achieve at least 4 dB(A) noise 

reduction, given that the outer opening area of the baffle type acoustic window ranges from 0.9 to 
1.1m2; the overlapping size of outer and inner layers is 100mm, the gap between outer and inner layer 
is 100mm; and the floor area of the room shall be 4.2m2. 

The sound attenuation of acoustic window would be affected based on different provision of 
acoustic materials. Acoustic Window B was provided with MPA on the inner sliding panel whereas 
Acoustic Window C was applied with MPA and perforated acoustic panels on the window frame. 
Acoustic Window B with MPA achieves 5.5 dB(A) sound attenuation and Acoustic Window C with 
both MPA and perforated acoustic panels reaches 6.8 dB(A).  

Referring to the window opening size, Acoustic Window A is the smallest, followed by Acoustic 
Window B and Acoustic Window C. Since a larger window opening will allow more sound energy to 
enter indoors, the acoustic performance of baffle type acoustic window will be less effective. Based on 
the opening size, it is anticipated that the sound attenuation of Acoustic Window A would be greater 
than B and C since less sound energy would penetrate indoors due to its smallest window opening size.  

However, when acoustic materials were adopted, the test results reflect that the noise reduction 
level for windows with larger opening would be increased. As reflected in the results of Acoustic 
Window B and C, the performance of Acoustic Window C is 6.8 dB(A), which is better than 5.5 dB(A) 
of Acoustic Window B. The difference is due to the provision of acoustic materials where Acoustic 
Window B adopted fewer acoustic materials than Acoustic Window C.  

From the test results, it is found that the level of sound attenuation of baffle type acoustic window 
increased along with the number of acoustic materials adopted. The sound attenuation increased from 
4.6 to 6.8 dB(A) when more acoustic materials are applied. For Acoustic Window A, it represents the 
baffle type acoustic with the smallest opening size- 0.9m². No acoustic material was applied to the 
window and the noise reduction is 4.6 dB(A). When MPA was adopted, as represented by Acoustic 
Window B, the noise reduction has been increased to 5.5 dB(A). The noise reduction has been further 

3545



 

 

increased to 6.8 dB(A) when perforated acoustic panels have been added to the top and side edges of 
the window other than the MPA on inner sliding panel. It is therefore noted that the application of 
acoustic materials help to enhance the acoustic performance of baffle type acoustic window.  

4. CONCULSION 
 This study demonstrates the sound attenuation of baffle type acoustic systems supported by 

acoustic field test. The test results show that baffle type acoustic systems could attenuate traffic noise 
by 4.6 to 6.8 dB(A) depending on the application of MPA and perforated acoustic panel.  
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MATLAB-based simulation software as teaching aid for physical 
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ABSTRACT 
This paper presents examples of simulated experiments that can be run in MATLAB or Octave as a 
demonstration for students, allowing them to explore and understand the basics of wave propagation. The use 
of the k-Wave toolbox is proposed. This open source add
simulation of wave propagation in the time domain, as well as providing comprehensible real
visualization of the process. It is mainly used to simulate ultrasonic waves in biolog
reliability isn’t diminished in applications where lower frequencies are involved. In this work, 2D acoustic 
signals in the audible range are used to explore a variety of phenomena related to physical acoustics, such as 
reflection, diffusion, diffraction, absorption, resonance. The placement of the acoustic elements in the 
medium for each numerical experiment is extracted from a BMP image file depicting sources, sensors and 
solid materials, encoded in different colors. The proposed 
knowledge of MATLAB / Octave code to interact with the k
Vast control over the simulation conditions can be exercised by simply drawing, cutting, pasting, moving or 
recoloring elements of the image file.

 

Keywords: Teaching aid, Acoustical education

1. INTRODUCTION 
k-Wave is an open-source MATLAB toolbox (1)

propagation of acoustic wave fields in one, two and three dimensions. It has great versatility due to its 
employment of advanced numerical models which can account for both linear and non
propagation, an arbitrary distribution of heterogeneous material parameters, and different acoustic 
absorption models. 

There is a wide selection of numerical methods for solving the differential equations that govern the 
propagation of mechanical waves. This toolbox us
calculates the spatial derivatives through the Fourier
them with a temporal propagator expressed in the spatial frequency domain, or k

The proposed method, unlike the finite difference and finite element methods, requires the use of a 
grid of equally spaced points that represent the area where the waves propagate. Since the spatial 
gradients are calculated using the FFT, the resulting wave field is implied t
the waves propagating to one side and out of the bounds of the analysis field to reappear from the 
opposite side. To prevent this behaviour k
encloses the computational domai
medium. The source code, installation manual, publications and other useful information are available 
at www.k-wave.org. 

One of the methods that the toolbox resorts to when defining the v
simulation process (medium density, wave propagation speed, source and sensor placement, among 
others) is the creation of matrices whose dimensions match the ones assigned to the base 
computational grid (also called kgrid
into a layered structure, where one grid contains general specifications like the size of the analysis 
field and its resolution, another represents the type and placement of the acoustic source
indicates the position of sensors capable of recording time
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This paper presents examples of simulated experiments that can be run in MATLAB or Octave as a 
demonstration for students, allowing them to explore and understand the basics of wave propagation. The use 

d. This open source add-on is capable of performing simple and efficient 
simulation of wave propagation in the time domain, as well as providing comprehensible real
visualization of the process. It is mainly used to simulate ultrasonic waves in biological media; however, its 
reliability isn’t diminished in applications where lower frequencies are involved. In this work, 2D acoustic 
signals in the audible range are used to explore a variety of phenomena related to physical acoustics, such as 

diffusion, diffraction, absorption, resonance. The placement of the acoustic elements in the 
medium for each numerical experiment is extracted from a BMP image file depicting sources, sensors and 
solid materials, encoded in different colors. The proposed method allows users possessing elementary 
knowledge of MATLAB / Octave code to interact with the k-Wave toolbox in a beginner
Vast control over the simulation conditions can be exercised by simply drawing, cutting, pasting, moving or 

loring elements of the image file. 

Acoustical education, Numerical simulation 

source MATLAB toolbox (1) most commonly used to simulate the time
propagation of acoustic wave fields in one, two and three dimensions. It has great versatility due to its 
employment of advanced numerical models which can account for both linear and non

an arbitrary distribution of heterogeneous material parameters, and different acoustic 

There is a wide selection of numerical methods for solving the differential equations that govern the 
propagation of mechanical waves. This toolbox uses the k-space pseudospectral method 
calculates the spatial derivatives through the Fourier collocation spectral method (3)
them with a temporal propagator expressed in the spatial frequency domain, or k

unlike the finite difference and finite element methods, requires the use of a 
grid of equally spaced points that represent the area where the waves propagate. Since the spatial 
gradients are calculated using the FFT, the resulting wave field is implied to be periodic. This causes 
the waves propagating to one side and out of the bounds of the analysis field to reappear from the 
opposite side. To prevent this behaviour k-Wave adds a Perfectly Matched Layer, a thin layer that 
encloses the computational domain and provides absorption without reflecting the waves back into the 
medium. The source code, installation manual, publications and other useful information are available 

One of the methods that the toolbox resorts to when defining the various parameters involved in the 
simulation process (medium density, wave propagation speed, source and sensor placement, among 
others) is the creation of matrices whose dimensions match the ones assigned to the base 

kgrid). By doing so, the program separates the simulated environment 
into a layered structure, where one grid contains general specifications like the size of the analysis 
field and its resolution, another represents the type and placement of the acoustic source
indicates the position of sensors capable of recording time-dependent variables, and additional grids 
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reliability isn’t diminished in applications where lower frequencies are involved. In this work, 2D acoustic 
signals in the audible range are used to explore a variety of phenomena related to physical acoustics, such as 

diffusion, diffraction, absorption, resonance. The placement of the acoustic elements in the 
medium for each numerical experiment is extracted from a BMP image file depicting sources, sensors and 

method allows users possessing elementary 
Wave toolbox in a beginner-friendly fashion. 

Vast control over the simulation conditions can be exercised by simply drawing, cutting, pasting, moving or 

most commonly used to simulate the time-domain 
propagation of acoustic wave fields in one, two and three dimensions. It has great versatility due to its 
employment of advanced numerical models which can account for both linear and non-linear 

an arbitrary distribution of heterogeneous material parameters, and different acoustic 

There is a wide selection of numerical methods for solving the differential equations that govern the 
space pseudospectral method (2), which 

collocation spectral method (3) and combines 
them with a temporal propagator expressed in the spatial frequency domain, or k-space.  

unlike the finite difference and finite element methods, requires the use of a 
grid of equally spaced points that represent the area where the waves propagate. Since the spatial 
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field and its resolution, another represents the type and placement of the acoustic sources, a third one 

dependent variables, and additional grids 
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can be added to specify the medium density at each point. Figure 1 depicts a breakdown of this 
operating framework. 

 
Figure 1 –Overview of the inputs structures and the main input fields used in k-Wave 

 
The kspaceFirstOrder2D function, included in k-Wave, returns an array with as many rows as 

sensors were placed and as many columns as time samples were defined by the user. Its inner workings 
could be summarized in successive steps. 

k-Wave has seen the most use in biomedical imaging research related to mechanical wave 
propagation in heterogeneous media (4,5), nevertheless, it is possible and relatively easy to adapt it to 
work with waves in the audible range propagating through the air. 

The hereby presented proposal describes the use of a custom-made function specifically developed 
to allow students with little to no MATLAB coding experience to simulate a plethora of acoustic 
situations with this toolbox.  

2. ADAPTATION FOR EDUCATIONAL USE 
The aforementioned function enables the user to design the simulation structure through 

modification of the graphical properties of an image, letting him define the type of elements to be used 
by simply colour-coding them according to a set of pre-programmed references. The white areas of an 
image represent a homogeneous medium (air, by default) in which time-variant acoustic pressure 
sources can be placed arbitrarily, as well as fully reflective surfaces to serve as obstacles and sensors 
capable of recording the pressure variations over time. Figure 2a shows a simulation template example 
that uses a plane wave source (red line), a semi-circular array of 37 sensors with a 5º separation 
between elements, and a Schroeder diffuser. 

 
Figure 2 –Simulation of a plane wave’s interaction with a Schroeder diffuser 

 
simulateImage256, as the new function was named, reads the image file, builds the required input 

structures based on the information it provides and executes the simulation while simultaneously 
showing the corresponding animation on the screen. The default output variables of this function are 
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the temporal registers of the sensors, but the visual feedback can additionally be recorded on a video 
file if the user so chooses. Any sector of the image containing information encoded in grey colour is 
ignored by the simulator, which allows the inclusion of notes or other visual aids that can facilitate the 
understanding of the process (as seen in Figure 2). 

Figure 2 illustrates the spatial distribution of the reflected wavefront. The simulation data provides 
the sound pressure levels registered by the 37 sensors over time. Figure 3b shows the sensor data from 
3 of the measured positions (0º; 45º y 90º). 

 
Figure 3 –Reflection pattern of the Schroeder diffuser (left), and measurements from three sensors located at 

0º, 45º and 90º (rigth) 

Each sensor first registers the passage of the plane wavefront and then the reflected wavefront. The 
signal energy values observed after the 9-millisecond mark correspond to the latter. Figure3a shows 
the diffuser's reflection pattern as registered by the complete sensor array, which can be plotted by 
calculating the energy levels of the signals after the passage of the incident wavefront.  

With this simulation tool, a beginner student can try different configurations by simply modifying 
the image with most graphic editors. After altering its contents and saving the changes, just running 
simulateImage256 will yield the results of a new simulation. In the examples presented here, the 
widely available and beginner-friendly Microsoft Paint was the editor software of choice, in order to 
minimize the learning curve. On the other hand, intermediate or advanced students still retain the 
option of directly modifying the code of the simulateImage256 function to incorporate more complex 
characteristics to the medium before running the simulation. 

3. DESCRIPTION OF THE PROPOSED FUNCTION’S MECHANICS 
The input arguments the function receives are the name of the image file, a scale factor (side of the 

minimum square of the grid, expressed in meters), the simulation duration in seconds, a Boolean 
variable indicating whether the user wants to record the simulation to a video file or not, a sound speed 
value (m/s), and a structure array containing the acoustic source properties.  

256-colour bitmap images must be used used. Red pixels (value 79) are interpreted as sources, 
green pixels (value 113) represent sensors and black pixels (value 0) correspond to perfectly reflective 
elements. It is possible to use multiple sources and sensors simultaneously without it having a negative 
impact on the total computation time. 

The input variable source is, as mentioned before, a structure array that contains several fields: type, 
amplitude, frequency, number of cycles and duration. The most straightforward way to specify the 
temporal development of sources is to directly input the expression to be evaluated, using t as the 
variable that represents time. This is done by equating the source.mode variable to a string of 
characters containing the previously mentioned expression in text form. Eq. (1) shows an example of 
the generation of a source that emits the sum of two sine waves of different frequencies. 

 
(1) 

 
Three pre-made source types that the user can set by entering their denomination have also been 

implemented. These correspond to an impulse, white noise and a burst of n cycles of a specified 
frequency. Each of them requires introducing additional parameters to various variables of the source 
structure. A pulse source requires specifying its amplitude by assigning a value to the variable 
source.amplitude, as shown in Eq. (2) 
 

(2) 
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When using white noise it is necessary to enter the amplitude and duration of the noise, which must 
be less than the simulation's total duration (in seconds). This design choice responds to the need to see 
what happens after turning off the source, as shown in Eq. (3). 

 
(3) 

 
Lastly, the declaration of an nCycles source must account for the presence of a frequency value and 

number of cycles value, as shown in Eq. (4). 
 

(4) 
 
Aside from their specific requirements, all source types contain the variable source.mode, which 

can have two possible values: 'additive' or 'dirichlet'. The former injects the pressure as a mass source, 
while the latter enforces it as a dirichlet boundary condition. In certain types of experiments, it may be 
necessary to use one or the other. An important matter to keep in mind is that if during the course of its 
propagation a wave is faced with a dirichlet-type source, reflections will occur. It is recommended to 
use the default additive mode for simulations intended for educational purposes, reserving the dirichet 
mode for specific cases where it could be desirable to compare the behaviour of both modes. 

The k-wave toolbox allows the use of multiple sources, each having an independent temporal 
definition. In order to strive for an increased ease of use, the present adaptation retains the capability 
to work with multiple sources, but sets all of them to share the same temporal definition by default. 
This means, in other words, that all sources will be emitting in phase. 

After executing the simulation, the function simulateImage256 returns several variables: 
 
• sensorData, which is an array with as many rows as sensors were placed and as many columns 

as time samples were defined by the user,  
• t, which is a vector corresponding to the time variable, 
• dt, which is the minimum interval of time discretization, 
• lx, which is the length in meters of the x-axis of the simulated space, 
• ly, which is the length in meters of the y-axis of the simulated space. 

 

4. PROPAGATION OF WAVES INSIDE TUBES 
As an example of the simplicity of use of the tool, the propagation of waves in tubes with different 

edge conditions was simulated. 

4.1 Propagation in an Infinite Closed-ended Tube 
Figure 4a shows an instant of the post-reflection simulation at the closed end. The warm colours 

represent compression levels, and the cold colours rarefaction (positive and negative sound pressure 
respectively). Figure 4b is a plot of the temporal development data captured by the two sensors shown 
above. The blue line corresponds to sensor number 1, placed at the centre of the image, while the red 
line corresponds to sensor number 2, located next to the closed end. 

It can be observed that the pressure wave is reflected without inversion at the closed end. It can also 
be noted that the instantaneous pressure level in sensor 2 is greater, since at the region near the closed 
end there is superposition between the progressive and regressive wavefronts. 

 

 
Figure 4 –Wave propagation in a tube with a closed end (left) and pressure at sensors (right) 
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4.2 Propagation in an Open-ended Tube 
Figure 5 shows the simulation of an infinite tube that opens up at the region where the reflection 

takes place. In this example, one can notice the phase difference between the waves propagating to the 
left inside and outside of the tube. 

 
Figure 5 –Wave propagation in a tube with an open end (left) and pressure at sensor (right) 

Observation of the data recorded by sensor 1 reveals that the reflected pressure wave is indeed 
inverted (Figure 5b). It can also be verified that the reflected wave has lower amplitude than the 
incident wave, due to the energy that is transmitted to the outside of the tube through the open end. 

4.3 Results Comparison using the Finite Element Method 
With the objective of comparing these results with the ones produced by more commonplace tools 

in the acoustics field, similar situations were simulated in COMSOL Multiphysics, which employs the 
finite element method. Figure 6 showcases the results of simulating an infinite tube with one of its ends 
closed. The blue stroke belongs to an acoustic pressure source and the green one to a sensor placed 
inside the tube, near the closed end. 

 
Figure 6 –Results of the finite element simulation of the reflection at the closed end 

When using COMSOL, the simulation of a tube with an open end can be approached in several 
different ways. Figure 6 shows the results corresponding to a model where a zero-pressure boundary 
condition was enforced at the edge of the open end. In this case, it can be noted that the wave reflection 
is inverted but it lacks the energy loss observed in the previous open-ended example. This solution is 
consistent with the requested boundary condition, but it does not accurately represent the physical 
reality of wave propagation towards an opening. Results of the k-Wave simulation for the same tube 
are also overlaid in the following figure, showing a more adequate representation of this physical 
phenomenon. 

 
Figure 7 –COMSOL results when adding a zero-pressure boundary condition to the opening of the tube, 

compared to their k-Wave counterparts 
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Figure 8 illustrates the change in the COMSOL results after affixing an air chamber to the open end 
of the tube. This creates a more appropriate comparison, considering that the presented k-Wave 
examples take the external medium properties into account.  

In this version of the simulation the reflected wave remains inverted, and the drop of amplitude 
levels associated with energy radiation to the exterior are also present. Different air chamber sizes 
would yield different results, but all of them closer to what could be measured in an experimental 
situation than the first attempt. 

 
Figure 8 –Results after adding an air chamber to the open end of the tube in the COMSOL simulation, 

showing similarity with the k-Wave example 

4.4 Sample code from tube simulations 
The necessary code to perform a tube simulation like the ones previously reported requires few 

lines and is relatively easy to understand. Figure 9 provides an example of a MATLAB script capable 
of simulating the open-ended tube case. 

 
Figure 9 –Sample code for the simulation of an infinite tube with an open end 

The code structure remains the same for any simulation. Modifications can be made by simply 
editing the image or replacing it altogether, but changes to the source type and mode must be carried 
out by assigning different values to the source.type and source.mode  variables, respectively. 

Any edition performed on the image file in regard to the tube's shape or the placement and quantity 
of the sources and sensors will automatically provide the function with the information needed to 
execute the updated simulation, as long as the correct file name is passed to it. 

5. TWO-DIMENSIONAL HEAD RELATED IMPULSE RESPONSE 
The k-space pseudospectral method used by k-Wave to solve differential equations has no spatial 

numerical dispersion, and is able to correct the temporal numerical dispersion of the propagation 
through a homogeneous medium (1). This allows an impulse to be used as an excitation source and 
thus, to obtain impulse responses. 

Figure 10 shows a sample image used to simulate the impulse response of a two-dimensional head, 
possessing a 180 mm diameter and 30 mm long ear canals, with two sensors placed at the end of each 
one. 
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Figure 10 –Simulation for the recording of a 2D head-related impulse response 

With the intention of comparing the alterations produced by the ear canals as well as the 
irregularities added to the base image, an analogous situation was simulated, in which the 
aforementioned ear canals, auricles and nose were removed, essentially turning the head model into a 
simple circle shape. In this case, the two sensors were placed on each side of the model, close to the 
perimeter of the circle (Figure 11). 

 
Figure 11 –Simulation with a simplified model (circle shape) 

6. CONCLUSIONS 
This work proposes the use of the k-Wave toolbox as a means of obtaining simulations useful for 

teaching physical acoustics. In an effort to simplify the workflow of said simulations a new function 
was incorporated, one that allows its users to define the structure and parameters of what they want to 
simulate by creating or editing image files. This could allow students, at least on a first approach to the 
subjects of choice, to concentrate on the theoretical matters without having to deal with the added 
complexity of manipulating the simulation algorithms.  

Only a few examples of possible applications for this tool were presented. However, the added 
image editing capabilities combined with the fact that k-Wave has an open source code, give the user 
ample creative freedom for exploring various other phenomena such as interference, diffraction, 
diffusion, resonance and more.  

The results obtained with this tool are consistent with the ones produced by finite element 
simulations, although it could be argued that software options involving that method have steeper 
learning curves and usually command higher prices, making them less suitable for beginner or 
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intermediate physical acoustics students. 
 The code for the simulateImage256 function, along with examples and the image files needed to 

run them are available at (6). 
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ABSTRACT 

Noise abatement in Europe has made considerable progress in recent decades. Starting with the Green Paper 
on Noise Policy in 1996, followed by the adoption of the Environmental Noise Directive in 2002, many noise 
maps and action plans to reduce noise exposure of the population have been developed. However, the problem 
of noise has not yet been solved and that is why the EPA Network - the informal group of "Heads of European 
environment protection agencies" - decided in 2010 to boost this topic by creating an "Interest Group on 
Noise Abatement" (IGNA). 
IGNA's first mandate from 2011 to 2016 focused on best abatement measures at traffic noise, decision criteria 
for applying noise abatement measures, limit values and monitoring methods. IGNA organised eight 
workshops and issued four reports covering road, railway and aircraft noise as well as various letters to EU-
institutions asking for tighter noise regulations. Now in its second mandate from 2017 to 2022 IGNA 
concentrates on all noise sources, limit values in Europe and quiet areas.  
The activities of IGNA are leading to a common understanding of how to tackle and solve noise problems 
and to disseminate the information to players and stakeholders in other countries. 

 

Keywords: Noise abatement, EPA-Network, Interest Group on Noise Abatement (IGNA), traffic noise, road 
traffic noise, aircraft noise, railway noise, quiet areas, limit values, cost-benefit methods 

 

1. INTRODUCTION 
Noise abatement in Europe has made considerable progress in recent decades. Starting with the 

Green Paper on Noise Policy in 1996, followed by the adoption of the Environmental Noise Directive 
in 2002, many noise maps and action plans to reduce noise exposure of the population have been 
developed. However, the problem of noise has not yet been solved and that is why the EPA Network 
- the informal group of "Heads of European environment protection agencies" – decided in 2010 at 
their meeting in Krakow to boost this topic by creating an "Interest Group on Noise Abatement" 
(IGNA). IGNA should provide a forum to build on the exchange of information on current and future 
developments, an opportunity to learn from each other, particularly in relation to the development of 
the regulatory framework and scientific understanding of the issues. Their findings should be 
summarized in a final report, containing concrete and helpful recommendations for member states to 
successfully protect the population from noise. 

 

2. Mandate 2010-2016 

2.1 Members 

After the meeting in Krakow, members of the EPA-Network were invited to nominate their 
participants to the IGNA. Norway, the Netherlands, Italy, Denmark, Czech Republic, Germany, 
Slovakia, Slovenia, Malta, EEA participated in IGNA under the co-leadership of Poland and 
Switzerland (see Figure 1). 
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Figure 1 – Members of IGNA for the mandate 2011 – 2016 

Source: https://www.eea.europa.eu/data-and-maps/figures/eea-member-countries-3 

2.2 Objectives  

The Interest Group focused its activities to issues related to road, railway and aircraft traffic noise 
during their mandate from 2010-2016. The main issues of the working program were set to be: 

 Harmonization of noise-monitoring: harmonization and standardization of methods for 
monitoring and evaluation of noise exposure and remedial measures;  

 Noise abatement measures at source: Information and exchange of successful measures 
at the source, as well as common action plans with stringent regulatory and incentive 
measures for vehicles and machines; 

 Critical levels: harmonized critical levels (limit values) that trigger specific remedial 
measures; 

 Economic instruments: cost-benefit aspects and application of financial instruments in 
order to compensate external costs and to set incentives for measures at sources. 
 

2.3 Meetings and outputs  

From 2011 to 2016, IGNA organized eight workshops with the aim to establish new noise 
knowledge and exchange and disseminate information of ongoing projects and facts in the field of 
noise abatement. Apart from IGNA-members, there were regularly invited guests from EU-Institutions, 
WHO and external noise experts. 

The first workshop on 30th November 2011 in Zurich produced an overview of the ongoing noise 
abatement activities in Europe and a working plan for the future activities of the IGNA, focusing in 
2012 on road traffic noise, followed by railway and aircraft traffic noise in the successive years. As 
an outcome, IGNA sent a first letter to the EU-commission on behalf of the EPA-Network, asking for 
tighter noise emission regulations of vehicles in the EU.  

The second workshop on 2nd March 2012 in Berne focused on road traffic noise and the range of 
noise abatement measures was discussed on the basis of a technical report as well as inputs from 
national experiences. The report together with a second letter asking for tighter noise emission 
regulations of vehicles was sent to the EU-parliament's committees being in charge of the topic. 

In the third workshop on 26th November 2012 in Brussels, IGNA discussed a collection of national 
outstanding practice examples of noise abatement procedures on local, regional and national levels, 
addressing aspects such as legal basis, planning, cost-benefit-decisions, financing and implementation. 
In addition, IGNA had the opportunity to discuss with EU-representatives two ongoing projects 
regarding the proposed regulation on the sound level of motor vehicles and the assessing and mapping 
of noise exposure in Europe. Because of the discussion, the group established its opinion on the 
proposed regulation of sound level of motor vehicles in a position paper that served the IGNA-
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members as basis for further interventions in favour of stricter regulations in this field.  
The fourth workshop took place on 27th June 2013 in Copenhagen and the focus was changed from 

road to railway traffic noise abatement. IGNA discussed national and international approaches of 
railway noise abatement measures and as a result had sent a letter by the EPA-Network to the European 
Railway Agency (ERA) asking for stricter noise limits for new railway vehicles and that these values 
should be also applied to existing vehicles after a transition period. The letter was responded in 
January 2014 with the acceptance of the invitation of IGNA for further discussions with members of 
ERA in the next IGNA-workshop.  

Discussions of this topic were continued in the fifth meeting in Amsterdam. The result of the work 
were summarized in the final IGNA-report on railway noise abatement measures and presented in the 
EPA-Network plenary in Riga at the end of April 2015. 

The sixth meeting in Berlin dealt with aircraft noise abatement and its summary report was 
endorsed and published in mid-2015. In the seventh meeting in Maastricht in June 2015, IGNA 
discussed topics of noise monitoring and critical levels. 

The eighth meeting in June 2016 in Bern was used to prepare the final report of the IGNA work as 
well as an additional report dealing with decision methods that are applied to implement noise 
abatement measures. For the latter report, there was conducted a survey at the Eionet-members for 
noise. Both reports were presented in the EPA-network plenary meeting in spring 2017. 

All outputs of IGNA (letters, reports) can be found on the webpage of the EPA-Network homage3. 
 

2.4 Final report of IGNA 

The main findings of the previous reports on traffic noise were summarized, updated and integrated 
into a general scheme (1). This scheme, also in use by the EEA, defines the environmental impact of 
traffic noise as a series of relations between the drivers, the pressure and the state, leading to an impact. 
Responses to reduce or compensate for the impact are organized at all levels. This DPSIR framework 
is depicted in the figure below.  

 
Figure 2 – DPSIR framework used in the final report of IGNA to define the cause, nature and control 

measures for traffic noise 

Based on this, IGNA makes the following recommendations: 
 Pressure on type approval regulations has to be continued, not only for lower limit values, 

                                                        
3 http://epanet.pbe.eea.europa.eu/fol249409/  
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but also to improve representativeness of test methods and to prevent too many allowances. 
The best effects are found in the control of the existing car and rail fleet, by effective tyre 
regulations, extension of the TSI-noise to existing stock and the improvement of road and 
rail infrastructure.  

 The lower limits defined in the END to report noise exposure cause significant 
underestimation of sleep disturbance and annoyance, especially in the case of aircraft noise. 
Extending the END reporting to lower noise levels down to 45 dB Lden and 40 dB Lnight 
is recommended. 

 It is regarded a good thing that in several regulations the obligation to apply mitigation 
measures shall be balanced with the costs. This will lead to a better distribution of available 
budgets, in order to maximize the health improvement within a certain budget. A standard 
procedure to perform such cost and benefits balancing, however, is needed. Transparent 
cost/benefit decisions will enhance the public acceptance. 

 

3. Mandate 2017-2022 

3.1 Members 

As noise abatement is an important and enduring task in Europe in order to protect the people from 
severe health problems, the EPA Network decided at their plenary meeting in April 2017 in Rome to 
renew the mandate of IGNA for 2017 – 2022. Under the co-chair of Germany and Switzerland, the 
following members participate now in IGNA: Poland, the Netherlands, Italy, Denmark, Czech 
Republic, Norway, Slovakia, Slovenia, Malta, Austria, Hungary, EEA and EPA-Network (see Figure 
3). New members are always welcome to join.  

 
Figure 3 – Members of IGNA for the mandate 2017 – 2022 

Source: https://www.eea.europa.eu/data-and-maps/figures/eea-member-countries-3 

 

3.2 Objectives 

So far, IGNA focused its activities to issues related to traffic noise. Future IGNA work is to widen 
its focus by including noise from other sources, such as industry, trade and general community noise 
and quiet areas. In general, the following objectives are pursued: 

 Updating and deepening noise abatement topics from all noise sources as well as quiet 
areas and summarizing the findings in reports. 

 Establish expert opinions on specific technical, regulatory or policy issues and if necessary 
propose statements of the EPA-Network on specific topics. 

 Informing EU-institutions and experts. 
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3.3 Activities 

The actions of the IG will focus on recommendations for actual and long term objectives, mainly 
to the following issues: 

 Harmonization of noise-monitoring: harmonization and standardization of methods for 
monitoring and evaluation of noise exposure and remedial measures;  

 Noise abatement measures at source and quiet areas: Information and exchange of 
successful measures to limit noise at sources and to protect quiet areas; exchange 
knowledge on action plans with stringent regulatory and incentive measures at sources 
such as for vehicles and machines; 

 Critical levels: harmonized critical levels (limit values) that trigger specific remedial 
measures; 

 Economical instruments: cost-benefit aspects and application of financial instruments in 
order to compensate external costs and to set incentives for measures at sources. 

 
The group will prepare themes of interest in advance to the meetings by developing and discussing 

them via multimedia (email, video-conferences, etc.). The meetings will be held at least once a 
year, preferably as satellite-meetings of a noise conference in order to use synergies with the 
whole noise abatement expert community and to reduce traveling expenses. 

 

3.4 Working program and outputs 

The first IGNA workshop of the new mandate took place in November 2017 in Berlin. IGNA 
reviewed the work of the last mandate-period and discussed its working program 2017-2022. 
Representatives of DG-Move and ERA (European Railway Agency) presented the new railway noise 
abatement policy of the EU. Although most countries in Europe are not particularly affected by railway 
freight traffic noise, IGNA decided to send letters to DG-MOVE and the ERA with a request to 
reconsider the system of quieter routes in the noise abatement strategy for freight railway traffic and 
proposed banning all noisy freight wagons from the entire railway network. Both DG-MOVE and 
ERA responded, showing understanding of the arguments, but still arguing in favour of the quieter 
route concept. As a second outcome, IGNA finalized their report “Decision and cost/benefit methods 
for noise abatement measures in Europe". 

The second IGNA workshop in Basel took place on 10th and 11th October 2018 in conjunction with 
the launch event for the "WHO Environmental Noise Guidelines for the European Region". On the 
first day WHO together with the noise effect experts presented the results of the eight yearlong process 
to establish up-to-date limit values for critical health effects from noise exposure. The publication is 
a milestone in noise abatement and will be an important basis for establishing harmonized threshold 
values in the EU.  

On the second day, the IGNA-members together with some guests from the WHO-expert-panel 
discussed the consequences and possible applications of the guidelines. IGNA is also preparing a 
technical report with an overview of the existing "limit-value-situation" in Europe. This report will 
be finalized at the next IGNA workshop, which is taken place in conjunction with the International 
Congress of Acoustics (ICA) in Aachen. In addition, the workshop will focus on the topic of quiet 
areas, urban planning and soundscaping.  

In 2020, the fourth workshop is planned to be held in Malta. The aim of the meeting is to finalize 
the report on noise abatement methods of quiet areas, urban planning and soundscape and to update 
the report on traffic noise abatement (covering road-, railways- and aircraft-noise, decision and 
cost/benefit methods). 

It is not yet clear where the workshop in 2021 will take place. The focus of the meeting will be on 
future trends and challenges with a special focus on noise wind turbines, construction sites, machinery, 
leisure activities. The last workshop of this mandate in 2022 will be in Berlin to prepare the final 
report.  
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4. Conclusion from the IGNA-activities 
The activities of IGNA leads to a common understanding of how to tackle and solve noise problems 

and to disseminate the information to other countries. Moreover, based on the general reports it is 
possible to form concise expert opinions on specific questions and topics (e.g. the process to establish 
new EU-vehicle noise limit values) and to inform via the EPA-Network directly the relevant EU-
bodies and experts. 

 

REFERENCES 
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ABSTRACT 

Since 2010 the EPA-Network Interest Group on Noise Abatement has developed various reports with best 

practice recommendations covering road, railway and aircraft noise as well as decision criteria for applying 

noise abatement measures. The most important recommendations are as follows: 

Road traffic noise: Further tighten limit values for road vehicles and tires, extent the knowledge of the public 

(both users, suppliers and other stake holders) about the noisiness class of products like vehicles and tires, 

continue development and application of low noise surfaces. 

Railway traffic noise: substitute cast-iron block brakes with even synthetic material or disk brake and 

maintain high quality wheel and rail smoothness, introduce stricter noise requirements for all existing freight 

wagons. 

Aircraft traffic noise: Introduce tighter limit values of noise certification levels, harmonize noise categories 

of aircraft, establish permanent incentives to optimize flight procedures regarding noise. 

Criteria for applying abatement measures: Develop harmonized methods to determine and internalize the 

costs and benefits of measures to reduce traffic noise. 

Despite the best practice list, one has to be aware that the classic noise abatement procedure has to be 

complemented with new innovative measures in order to face the challenge of future trends and developments. 

IGNA is working on that. 

 

Keywords: Noise abatement, Traffic noise, Quiet areas, Limit values, Cost-benefit methods 

 

1. INTRODUCTION 

Many people are exposed to high levels of noise that adversely affect their health and quality of 

life. Noise is now experienced virtually every-where and around the clock, in towns and in the country, 

day and night. As a result of large-scale infrastructure projects such as the construction of new airports 

or the expansion of existing ones, there is much greater political, scientific, and public awareness of 

the issue of noise. To a certain degree, noise is a pollutant, which has only a localized effect unlike 

other pollutants but which can be found virtually everywhere as there are so many areas that are 

affected by it. 

Exposure to environmental noise due to transport has a negative impact on people. The World 

health Organization Regional office for Europe published an overview in which four main effects are 

distinguished: general annoyance due to the disturbing effect of noise on the wellbeing, interruption 

of sleep during the night, stress-related effects on the cardio vascular system of humans and cognitive 

impairment on children. 

The increased level of noise is primarily the result of an increased volume of traffic. There are, 

however, a whole series of measures which can reduce noise pollution, from low-noise car tires to 
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less noisy brakes for freight trains to strategies to avoid use of transport. It is especially important to 

involve the general public as much as possible in the fight against noise.  IGNA is working on that. 

 

2. Measures to abate traffic noise 

2.1 Road traffic 

Although vehicle technology has advanced considerably in the last 25 years, leading to improved 

mileage and gaseous emissions, the noise emission has not improved. For cars at high speed, the 

situation has even worsened, as is shown in figure 1. Only for heavy duty vehicles under urban driving 

situations improvements are found. This trend is in clear contradiction to the continuous tightening of 

type approval limit values from 82 dB in the early eighties to 72 dB from July 1st, 2016. This paradox 

can be explained by the fact that the 82 dB presented a relaxed limit value, which did not have much 

effect in terms of shifting the noise emission of the vehicle fleet. Then, additional tightening of limit 

values where often bypassed with a change in test procedure or added allowances for specific vehicles. 

The most important effect is that under conditions of normal driving the tires contribute most of the 

emission, while in the test procedure it used to be a much smaller part (1).  

In figure 1, the effect of vehicle speed on the noise emission can be deduced. When going from 50 

to 120 km/h the sound emission increases about 10 dB. The effect on the time-averaged road side 

level however has to be corrected for the shorter passing time at high speed (with a factor 

10·lg(120/50) dB) resulting in a net effect of 6 dB on equivalent road side levels.  

 

 

Figure 1 – Noise emission of the average Dutch vehicle over the last twenty years. Road surface type is a 

standard Dense Asphalt Concrete 11 in all tested conditions. Each data point presents the average over 10 

different test sections on highways and through roads 

 

Recommendations for road traffic noise abatement: 

- Improving the source emission of cars and trucks, by tightening type approval procedures and limits 

for vehicles and their tires 

- Stimulating the buying and usage of low noise vehicles and tires, and taxing noisy ones  

- Application of noise reducing road surfaces 

- Reducing the driving speed 

- Improving driving style by suppressing high engine loads and avoiding high engine speeds through 

gearing up quicker. 

 

2.2 Railway traffic 

Unlike road traffic noise, which occurs virtually everywhere, rail traffic noise is much more 

localized to individual transport corridors. However, depending on the type of train and the volume 

of trains, very high levels of noise can be generated, especially along freight corridors on which most 
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of the rail traffic is at night. One example is the Middle Rhine Valley, which is part of the European 

freight corridor between Rotterdam and Genoa. In many places along this corridor, the noise levels 

are essentially higher than those considered desirable to maintain good health. The noise caused by 

rail traffic is therefore the ecological Achilles heel of the railway. However, there  are measures for 

the reduction of noise emitted by rail traffic. 

The main source of the noise emitted by rail rolling stock at low speeds is the engine; at moderate 

speeds, it is the wheel-rail contact; and at very high speeds, it is aerodynamic noise along the length 

of the rolling stock. The most important factor for the general population in terms of noise pollution 

is the rolling noise. It occurs as a result of areas of roughness on the running surface of wheels and 

rails and is emitted by them. The measures therefore involve preventing the formation of such areas 

of roughness on wheels and rails and reducing the emission and transmission of noise. In the case of 

the rails, it is also important that they are as smooth as possible. Over the past few years, there has 

already been progress in this respect. New technical processes allow the manufacture of smoother 

rails. Measures to reduce noise emission are rail absorbers and shields as well as wheel absorbers and 

optimized wheel geometries. 

But the most important measure, and also the most cost-effective one, is refitting noisy freight 

wagons. This involves replacing the cast iron brake blocks previously used with modern composite 

brake blocks, which do not roughen the surface of the wheels to the same extent and which there fore 

result in a quieter rolling noise. In the case of new freight wagons, only the use of such braking 

systems is permitted in any case, or of disc brakes, such as on modern railway carriages.  

The establishment of ambitious noise thresholds is something that is necessary, but it does not 

include current freight wagons, which typically have an operating life of 30 to 40 years. In terms of 

noise abatement, however, they are the central problem. There is an urgent need to refit them with 

quieter braking systems. 

 

Recommendations for railway traffic noise abatement: 

- Improving the source emission of railway stock by tightening approval procedures and limits 

for new railway stock 

- Stimulating the usage of low noise railway stock by taxing noisy ones 

- Improving the acoustic characteristics of the railway tracks 

- Substitute cast-iron block brakes with even synthetic material or disk brake and maintain high 

quality wheel and rail smoothness 

- Introduce stricter noise requirements for all existing freight wagons.  
 

2.3 Aircraft traffic noise 

It is not just ground-based transport that is the cause of considerable noise pollution. Many people 

are also affected by aircraft noise. Unlike with road and rail traffic, in the case of aircraft, a building 

has no quiet side shielded from noise, where people can sleep, for example. Protecting people from 

aircraft noise at night is therefore especially important. A sufficiently long period of undisturbed sleep 

is essential for mental and physical rest. Although there are individual differences in sleeping behavior, 

people on average need eight hours of unbroken sleep. The flight path can also have a considerable 

impact in terms of aircraft noise on people living near airports. Different flight paths should be used 

during the day and at night in order to protect the people near airports. 

All aircraft need to pass certification tests that includes noise emission. Since aircraft noise is 

mainly an issue around airports the noise tests are based on two noise measurements made on the 

ground when the aircraft is taking-off (fly-over and side-line) and one measurement when the aircraft 

is landing (approach). In the first, and now outdated, classification of a low noise aircraft (Chapter 3) 

a maximum allowed noise level is defined at each of these positions. The noise values are expressed 

as EPNdB’s a measure that is defined slightly different from the generally used dB(A) value. The limit 

levels are made dependent on the maximum allowed take–off weight and for fly-over also on the 

number of engines. Chapter 3 limits are introduced in 1972 and in 2001 a tightening was introduced 

with a 10 dB lowering cumulative over all measuring positions, referred to as Chapter 4. These values 

became mandatory in 2006 for all new aircraft. In 2020 an additional  tightening of 7 dB (cumulative 

over all measuring positions) will come into force. 

Although the service life of aircraft is shorter than for rail wagons, it is longer than of road vehicles. 

So in addition to improving the noise emission of new aircraft, the replacement of existing noisier 
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aircraft is also stimulated. Apart from a total ban on Chapter 2 aircraft in Europe, in about 40% of the 

airports the landing and take-off charges are (for a part) based on the noise category of the aircraft. 

No general categorization of the noisiness of aircraft exists. In many cases the certification values are 

used but the definition of the categories differs, in other cases (Germany and Switzerland in particular) 

the classification is based on own measurements. 

For several airports, restrictions exist for the usage of noisy aircraft in the noise -sensitive night 

period. Also at quite a few airports there exists a limit to the total number of operations (or more 

effective for noise control, the total noise emission) over a yearly period. The freedom to introduce 

such restrictions is however limited due to European law. 

Noise abatement operational procedures include a series of measures aiming at reducing the 

immission levels on the ground by optimization of the flight procedures during take-off and landing. 

Modern aircraft and airport navigation, including GPS-based steering, enable more controlled routing 

both in horizontal as in vertical sense, compared to the conventional instrument -based flight 

procedures. For instance with reduced drag procedures (faster retraction of flaps in take-off and 

reduced flap settings during approach), Noise Abatement Departure Procedures (NADP) and 

Continuous Descent Approach (CDA), take-off and landing operations can be performed with less 

noise impact on the ground. Specific nuisance is suppressed by restricting the use of reverse thrust 

after touch down and the engine run-up before take-off. The application of such procedures must not 

jeopardize safety and have to be balanced against the capacity. However, with capacity very often 

fixed priory and with safety as inflexible condition, there is usually very little space for to noise 

optimized operational procedures. 

 

Recommendations for aircraft traffic noise abatement: 

- Introduce tighter limit values of noise certification levels and the approval system for new aircraft 

- Harmonize noise categories of aircraft 

- Establish permanent incentives to optimize flight procedures regarding noise 

- Taxation of the usage of noisy existing aircraft. 

3. Conclusions 

In a comprehensive concept for noise reduction, measures to limit noise emissions based on state -

of-the-art technology play a particularly important role together with a reduction in the use of transport 

(slogan “city of short distances”) and greater use of more environmentally friendly means of transport. 

These measures “at the source” have an impact everywhere and in this respect have priority before 

noise mitigation barriers or soundproof windows, which only have a local impact. The goal of n oise 

reduction tools is to make vehicles, their operation, and the roads or tracks on which they travel all 

quieter. With this in mind, noise thresholds in particular must be consistently adjusted to take into 

account advances in technology. The development of technology, in turn, must be actively supported 

and tax incentives used to create further technological potential for noise reduction in the future.  

An essential part of a modern transparent noise reduction strategy is the direct involvement of as 

many members of the public as possible. People know very well what the local noise issues are and 

often already have a clear idea about how they can be resolved. Better use needs to be made of this 

local knowledge. Research into the impact of noise has shown that noise is often perceived as less 

loud if people are directly involved in the decision-making process. The mutual trust of those involved 

in the process is also a very important factor. A series of investigations have shown that there is a 

correlation between the trust people have in the goodwill of those in positions of responsibility, or 

conversely their lack of trust in them, and their annoyance reaction. Trust is therefore key to the 

acceptance and successful implementation of noise reduction measures. Once trust has been 

established with those affected, the likelihood of the relevant measure being effective is that much 

greater. 
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ABSTRACT 

The paper presents the results of a pilot cross-sectional study focused on subjective traffic noise annoyance 

and sleep disturbance among the residents living close to major inner city corridors in several Slovakian 

towns including the capital Bratislava and Kosice. The subjective adaptation to traffic noise, subjective 

evaluation of health status and well-being were assessed as well.  

The questionnaire survey was distributed to the pilot sample of 543 respondents (average age 45.3 ± 4.5 years, 

73.1% of respondents in the age from 35 to 65 years, 26.9% in the age up to 35 years, 53% females, 81% 

living in houses more than five years). The inhabitants with bedroom windows facing noisy streets or quite 

streets represented the exposed and the control group. Road traffic noise annoys significantly more daily and 

night activities of respondents in the exposed group who are unable to adapt to it neither by day nor by night 

(OR=2.66; 95 % CI=1.64−4.31 for falling asleep disturbance). 

The questionnaire was supplemented by traffic noise-measurements in Bratislava, Martin, Trenčín, Piešťany 

on noisy facades 50 meters (LAeq,day = from 57 dB to 72.4 dB, LAeq,night= from 52.5 dB to 61.9 dB) and more 

than 100 meters from noisy traffic communication or inner city corridor.   

After completion of the results, we plan to propose interim measures to noisy facades of the apartment 

buildings as well as intervention procedures in the prevention of adverse effects of traffic noise on health.  

 

Keywords: Road traffic noise, annoyance, sleep disturbance  

1. INTRODUCTION 

Traffic noise is harmful to the health of almost every third person in the WHO European Region. 

One in five Europeans is regularly exposed to sound levels at night that could significantly damage 

health [1].  

According to the results of the LARES study in panel block buildings in three cities of Eastern 

Europe sponsored by WHO, noise represents a traditional urban problem and noise annoyance and 

sleep disturbance were recognized as the most prevalent problems affecting residential health and 

well-being [2].  

Health effects were identified also for selected physical and stress-related symptoms, such as 

hypertension and migraine, which showed significantly increased relative risks. The results also 

indicated that particular attention must be paid to night time noise exposure in homes [2, 3]. According 

to WHO and environmental burden of disease (EBD) approach, traffic noise exposure features cause 
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an annual loss of 31 Disability-Adjusted Life Years per 100 000 population in the WHO European 

Region [1]. 

 The review of Basner et al., 2018 demonstrated effects of traffic noise on objectively measured 

sleep physiology and on subjectively assessed sleep disturbance (including sleep quality, problems 

falling asleep, and awakenings during the night) and the link between acute noise-induced sleep [3].  

  

 

The paper presents the results of a pilot cross-sectional study focused on subjective traffic noise 

annoyance and sleep disturbance among the residents living close to major inner city corridors in some 

larger Slovakian towns including the capital Bratislava (more then 250 000 inhabitants) and Kosice 

(more than 100 000 inhabitants). The subjective adaptation to traffic noise, subjective evaluation of 

health status and well-being were assessed as well.  

 

2. MATERIAL AND METHODS  

 

Objective measurements of noise in the external facades of selected residential buildings were 

performed as a continuous 24 hour measurement of equivalent levels  L Aeq,OUT of traffic noise at a 

given day of working week [4,5]. 

Noise annoyance was subjectively assessed using a a modified standardized Noise annoyance 

questionnaire [6,7]. Information from the 543 respondents (average age 45.3 ± 4.5 years, 73.1% of 

respondents in the age from 35 to 65 years, 26.9% in the age up to 35 years, 53% females, 81% living 

in houses more than five years) was obtained by a correspondence form and also by electronic form 

using a Google questionnaire. University education had 91% of all respondents and 95% of them rated 

their standard of living as average or above average, 86% of all respondents worked mentally and 15% 

were retired. About 82 % respondents were not exposed to occupational noise and only 5 % were 

working on shifts. Approximately 57.6% of respondents remain and spend weekends in their dwellings 

and 74.9 % devote their time regularly or irregularly to relaxing activities or personal interests.  

Residents filled out questionnaires writing a subjective assessment of quality parameters of 

housing, including the level of annoyance and interference with ac tivities, self-evaluation of their 

health and lifestyle by using a four grade rating scale. The questionnaire comprised 43 questions 

divided conceptually into the fields: house and home, traffic noise and housing, traffic noise and sleep, 

work place and noise, lifestyle and health and the overall level of housing quality.  

For statistical processing of data descriptive and bivariate analyses were used (t -test, chi-square 

test, 2x2 tables) using the software packages EPI Info 7 and SPSS ver. 25.  

 

3. RESULTS AND DISCUSSION 

 

3.1 Exposure assessment 

The questionnaire was supplemented by traffic noise-measurements in Bratislava, Martin, Trenčín, 

Piešťany on noisy facades 50 meters (LAeq,day = from 57 dB to 72.4 dB, LAeq,night= from 52.5 dB to 61.9 

dB) and more than 100 meters from noisy traffic communications or inner city corridor (table 1).  

Outdoor noise levels in Tables 1 and 2 apply to noisy residential building facades within 1.5-2.0 m 

in front of the window of the living room on the floor level of the overhead floor in accordance with the 

valid Slovak legislation [8].  

Measurements were carried out by accredited companies and professionally qualified persons with 

calibrated sound-level technology, in some cases also as final approval measurements of new block of 

flats or residential buildings (RB) or after their reconstruction [4,5] (tables 1,2, graphs 1,2). The 

corresponding 24-hour road traffic intensity assessments in selected Bratislava sites during working 

days were during the day and evening in summer period 15,532 – 46,449 vehicles and during the night 

1,583-5,116 vehicles (Municipality, Bratislava, 2016).  
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Tab. 1.  Equivalent noise levels LAeq,T and the indicator Lden for 24h measurements on noisy facades 50 

meters from noisy traffic communications 

 

No. 

    

Locality of RB  

Bratislava  

 

Floor 

L Aeq.T    

/dB/  

T=06h-18h 

day 

L Aeq.T    

/dB/  

T=18h-22h  

evening 

L Aeq.T    

/dB/  

T=22h-06h 

night 

 

L dvn  

(2002/49/EC)    

/dB/  

 

1 Gagarinova  7 72.0 68.0 60.3 71.7 

2 Račianska  4 72.4 69.3 61.4 72.5 

3 Námestie  SNP 3 62.4 62.8 59.7 67.0 

4 Námestie 1.mája 4 64.8 63.1 61.9 68.9 

5 Hodžovo námestie  4 71.0 68.7 64.0 72.7 

6 Vajnorská 3 68.4 65.0 61.0 69.7 

7 Námestie Slobody 5 66.6 65.0 58.5 68.0 

(source: Sky-Eco, AZ Acoustic), Legend: RB=Residential Building 

Fig. 1. The course of LAeq/1h measurements on noisy facades  up to  50 meters from noisy traffic 

communications  (numbers from 1 to 7 according the table 1) 
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Tab. 2  Equivalent noise levels LAeq,T and the indicator Lden for 24h measurements on noisy facades 100 

meters from noisy traffic communications and inner city corridors  

 

No. 

Locality of RB 

  Bratislava (BA), 

Trenčín (TN), Martin 

(MT), Piešťany (PN)  

 

Floor 

L Aeq,T    

/dB/  

T=06h-18h 

day 

L Aeq,T    

/dB/  

T=18h-22h  

evening 

L Aeq,T    

/dB/  

T=22h-06h 

night 

 

L dvn     

(2002/49/EC)    

/dB/  

 

1 BA, Račianska 5 57.4 53.9 49.7 58.5 

2 BA, Strojnícka/Mierová 4 59.1 56.4 53.5 61.4 

3 BA, Jégeho  5 57.7 54.1 48.5 58.3 

4 BA, Lipského  3 60.5 57.8 49.7 60.7 

5 MT, Kuzmányho  3 51.8 49.4 42.6 52.6 

6 TN, Legionárska 3 53.4 52.3 48.3 56.3 

7 PN, A.Hlinka 2 52.1 49.5 41.9 52.6 

(Source: Sky-Eco, AZ Acoustic, Akustech), Legend: RB=Residential Building 

Fig. 2. The course of LAeq/1h measurements on noisy facades more then approximately 100 meters from 

noisy traffic communications and inner city corridors (numbers from 1 to 7 according the table 2) 
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3.2 Questionnaire – noise annoyance and sleep disturbance 

 

The inhabitants with bedroom windows facing noisy streets or quite streets, inhabitants living in 

the large cities or in the rural area and also at the distance less than 50 meters from noisy facades  and 

more than 100 meters from noisy traffic communications or inner city corridors represented the 

exposed and the control group.   

 Falling asleep, night and early morning awakening and closing windows due to annoyance are 

significantly more frequent in respondents facing the bedroom window to noisy communications  

(OR=2.66; 95 % CI=1.64−4.31). Inhabitants living in the distance less than 50 meters from noisy 

facades are significantly more awakened by road traffic noise (OR=1.76; 95 % CI=1.04−2.97). 

Respondents from large cities use to close windows due to noise annoyance as well (OR=2.22; 95 % 

CI=1.47−3.37) (Table 3).  

 

Tab. 3  Activities interfered by road traffic noise during the night (22h-06h) (n=543) 

 

Activity interfered 

by road traffic 

noise 

 

Exposed and 

control group of 

respondents  

 

Odds ratio 

(OR) 

 

 

Confidence interval 

(95%) 

 

 

P-value 

Lower limit Upper limit  

 

 

 

Falling asleep  

Bratislava /large 

cities + rural area  
1.36 0.84 2.21 0.206 

Distance from the 

noisy 

communication 

1.09 0.64 1.83 0.760 

Orientation of 

bedroom windows  
2.66 1.64 4.31 < 0.001 

 

 

Night and early 

morning awakening  

Bratislava /large 

cities + rural area  
1.71 1.17 2.49 0.005 

Distance from the 

noisy 

communication 

1.76 1.04 2.97 0.035 

Orientation of 

bedroom windows  
1.90 1.17 3.08 0.009 

Closing windows 

due to annoyance  

Bratislava /large 

cities + rural area  
2.22 1.47 3.37 < 0.001 

Distance from the 

noisy 

communication 

2.66 1.68 4.19 < 0.001 

Orientation of 

bedroom windows  
2.87 1.84 4.36 < 0.001 
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Tab. 4  Adaptation to noise and well-being during the day and night  (n=543) 

 

 

Activity  

 

Exposed and 

control group of 

respondents  

Odds ratio 

(OR) 

 

Confidence interval 

(95%) 

 

 

P-value 

Lower limit Upper limit  

 

 

Adaptation to road 

traffic noise in the 

night 

Bratislava /large 

cities + rural area  
2.02 1.36 3.01 0.001 

Distance from the 

noisy 

communication 

1.18 0.78 1.78 0.438 

Orientation of 

bedroom windows  
1.16 0.75 1.78 0.507 

Satisfaction with 

quality of living 

Orientation of 

bedroom windows 
0.35 0.20 0.61 < 0.001 

Subjective noise 

sensitivity 

Orientation of 

bedroom windows 
0.507 0.34 0.75 < 0.001 

Sleeplessness 
Orientation of 

bedroom windows 
2.54 1.38 4.92 < 0.001 

 

                      

The answers of respondents to their potential ability to adapt and to get used to traffic noise during 

the night are shown in Table 4. In the exposed group from large cities 26.8% of respondents cannot 

adapt to traffic noise compared to 35.5% in the control group. These results are also highly statistically 

significant (p=0.001). Inhabitants with window orientation into noisy communications are 

significantly less satisfied with their quality of living, are less noise sensitive and report more 

sleeplessness (Table 4) 

Preliminary results of our study are compatible and support the results of the other studies held in 

Slovakia and abroad [7, 9,10,11,12]. However, subjective adaptation to noise the other authors did not 

study in such detail. 

The outcomes of this pilot study support the hypothesis of subjectively higher level of interference 

with traffic noise of inhabitants living near urban transport communications (with a traffic of around 

20,000 vehicles per day) and over-limit exposure to traffic noise on the noisy facades of residential 

buildings. The summer nights during working week (between 22h and 06h) are especially risky, when 

noise acts especially troublesome during the time designated for regeneration and sleep. That was 

proved by closing the windows of bedrooms especially in the summer night on the side of noisy 

facades.  

The comparison of selected groups of respondents may be affected by confounding factors, such as 

relatively small sample size overall and the small sample size of  the control group of respondents, 

orientation of residential rooms and windows in residential buildings due to noisy communications, 

floor height, and the subconscious psychological barrier of respondents in the exposed group as 

property owners resulting from economic interest in their housing. 

In the future analysis, we plan to enlarge the sample size, especially in the control group, and to 

further evaluate the health and lifestyle of respondents and to suggest precautions and interventional 

procedures including of noise monitoring and evaluation inside of bedrooms. 

There are three possible approaches to protect residents from road traffic noise; the first directed at 

reducing the noise sources, the second at the modification of housing, and the third at reducing the 
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possibility of noise reaching the housing [1,2]. 

4. CONCLUSIONS 

Our study was aimed at noise exposure assessment and subjective annoyance by traffic noise of 

inhabitants living in big cities, near urban transport communications and with bedroom windows 

facing noisy streets. The outcomes of this pilot study support the hypothesis of subjectively higher 

level of interference with different day and night activities and the assumption of increased health risk. 

Respondents from the large cities seems to better adapt to road traffic noise and respondents with 

bedroom windows oriented toward noisy communication are less noise sensitive. 

 After completion of the results, we plan to propose interim measures to noisy facades of the 

apartment buildings as well as intervention procedures in the prevention of adverse effect s of traffic 

noise on health. Reliable information’s about quite zones, facades or  silent  bedrooms in new 

apartment buildings and urban area  can be important for noise sensitive inhabitants etc.  

The health impact of noise from neighbor housing and indoor noise sources should be taken into 

account as well.   
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ABSTRACT 
In October 2018, the World Health Organization (WHO) published environmental noise guidelines 

based on dose-response curves for relevant noise-related health impacts. The guidelines provide 
recommended noise limits, but do not describe what consequences of exceedance should be. Also, it 
is helpful to know how the currently adopted limit values in European countries relate to the 
recommended limit values. Our research aims to address these questions. To do so, a survey has been 
sent out to national experts to collect data regarding current critical noise limits. From the output, an 
overview has been created which allows a comparison of limit values between countries. Also, a 
comparison is made with respect to the new WHO recommendations, revealing the current state of 
noise legislation in the European region. In addition, information has been gathered on the s cope and 
basis of these values, as well as detailed information on their assessment, exceptions and legal 
consequences. From it, general trends in noise level policy and enforcement methods are extracted. 
The results provide insight in the broad spectrum of noise legislation within the European region and 
form a basis from which to build best practices for countries that aim to implement the WHO 
guidelines. 

 
Keywords: Noise, Limits, Health 

1. INTRODUCTION 
The World Health Organization (WHO) has published its "Environmental noise guidelines for the 

European Region" in October 2018 (1). To understand how current European noise legislation relates 
to the recommendations of the WHO, an overview of noise limit values in European countries is 
wanted. In order to obtain such an overview, the current national situation has been analyzed based 
on input from national experts in nearly 30 European countries.  

 
This study aims to address two main questions: (a) how do limit values relate to the WHO 

recommendations? and (b) in which way are limit values implemented: what is their scope, and what 
are the consequences of exceedance? In this paper we provide the State-of-the-Art of current noise 
limits in European countries, including a description of related regulations and consequences. From 
this information, recommendations are derived for countries that aim to implement the WHO 
guidelines. 

2. RESEARCH METHODS 

2.1 Scope 
The scope of this study is co-determined by the scope of the WHO publication from 2018. Of 

primary interest are limit values regarding noise immission at the facade of dwellings, outdoors. Like 
the WHO guidelines, the study differentiates between different sources of sound: roads, railways, 
aircrafts, wind turbines and industry. Although the WHO does not provide recommendations for 
industry noise, it is regarded as an interesting supplementary source to take into account  as it can have 
strong negative effects on human health, and as it is included in the END noise mapping obligations. 

                                                        
1 rosannusselder@mp.nl, bertpeeters@mp.nl 
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The study focusses on national limit values, not on threshold values set in the context of the 

Environmental Noise Directive. Although countries may determine threshold values in the process of 
setting up action plans, these values do not protect citizens against noise the  same way limit values 
do, as an actual follow-up of the action plans is not mandatory.  

 
The term ‘limit’ value is not clearly defined. In this study, in order for a noise limit to be considered a 

limit value, there needs to be a legal obligation to assess noise levels against that value, even if there are no 
consequences attached to it. In that sense, a limit value may be used as a ‘target value’: a value below which 
there will be no action, and above which there is an obligation to consider taking actions (see Figure 1). Some 
countries report using both target values and limit values, the latter of which should not be exceeded. Even 
then, exceptions that allow exceedance of the limit value may apply. 

 

 
Figure 1 – Limit vs. target values 

 

2.2 Method 
Because information available on the internet, such as (2), was not sufficient to get an up-to-date 

and in-depth overview of noise limits in Europe, it was decided that the most appropriate source of 
information would be noise experts from the European countries themselves. Therefore, a 
questionnaire was prepared and sent out to 33 countries represented in the EIONET NRC noise 
community. The questionnaire was presented in the format of a fact sheet. This was done because the 
fact sheet in itself is suitable for presentation of the information provided , and secondly, because the 
fact sheet format provides a way of presenting questions in a structured fashion.   

 
In short, among the following research questions were included: 

 What types of limit values exist for the different sources?  
 Which quantities are used? Are these all Lden and Lnight, or are other indicators used as well? 
 What is the scope of limits in force and what are legal consequences of exceedance?  
 Based on which criteria have limit values been established?  

 
The questions in the factsheet are grouped together into eight sections. The first section serves to 

make a distinction between END threshold values and other national noise-related legislation (see 
paragraph 2.1). In section two, a bar graph is presented that graphically summarizes limit values set 
in the particular country. The analysis of the data is based on the limit values that are shown in the 
bar graph. An example is shown in figure 2. 
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Figure 2 – Section 2 from the fact sheet of the Netherlands, with the bar graph representing the limit values 
 
Under section 3 of the fact sheet, supplementary information is provided regarding the limit values. 

A definition is given of the indicators (metrics) used, and nuisance penalties and/or correction values 
are described. Then, under section 4, respondents are asked to choose from a set of possible 
consequences resulting from exceedance of the limit values. The question is presented in a tickbox 
format, such that the possibly widely varying forms of consequences and situations to which they 
apply are brought down to a result that allows for a meaningful analysis of the information provided. 
Below the tick boxes, additional information may be provided by the respondent. 

 
In section 5, respondents are asked to indicate at which position of the dwelling limit values are 

assessed. The receiver position, which may be a microphone or a receiver point in an acoustic 
calculation model, is important for the comparison since it  may affect the results. In section 6, 
respondents are asked how limit values were established. This could be, for example, based  on the 
previous WHO recommended noise limits from 1995, or by a national study including cost/benefit 
considerations. Finally, under section 7, respondents are asked to provide the name of main legal 
documents, and any other relevant information may be supplemented under section 8. 

 

3. RESULTS 

3.1 Occurrence of limit values 
The results show that there is a certain degree of noise legislation in virtually all countries, with 90% of 

the countries reporting the use of limit values for environmental noise with a legal obligation to assess these, 
not including countries that use these only as non-binding thresholds for the END action plans. Of all 
countries with limits, traffic noise limits (road, rail and/or aircraft) exist in 80% of the cases, industry noise 
limits in 75% of the cases, and slightly more than 50% of the countries have limits for wind turbine noise 
(see Figure 3). Limit values mostly apply to both new situations (i.e. new dwellings, installations or 
infrastructure) and existing situations. However, some countries have higher noise limits for existing 
situations, and 20% of countries have no noise limits for existing situations at all.  

A few countries report limits that are not source specific, but defined more generally for a specific receiver 
area type, applying to the cumulated noise or dominant source. Only limits applying to the dominant source 
are included in the analysis and do not fall under category ‘none’ in Figure 3. 
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Figure 3 – Occurrence of limit values for different sources, for new situations, existing situations or both. 

3.2 Noise indicators 
The WHO defines their recommended intervention levels in terms of long-term noise indicators 

Lden and Lnight. Current noise limits defined in European countries are, in all countries and for almost 
all sources, defined as long-term noise indicators as well. Several countries report additional limits 
for short-term noise events, such as Germany, where aircraft noise may not exceed a certain peak level 
more than 6 times during the night. 

As shown in Figure 4, there is a minority of countries that uses Lden to define a limit for the average 
noise levels over the entire 24-hour period, or a combination of Lden and Lnight. Most countries have 
separate noise limits for the day and night period (Lday and Lnight). Separate Levening limits also exist, 
and a few countries specifically assess the morning hour between 06:00 and 07:00. Other indicators 
are rare but do exist, for example: Leq24h (SE), Letm (NL: maximum of Lday, Levening + 5 dB and 
Lnight + 10 dB) and LVA (IT: specific indicator based on 3-week average day/night levels). In BE 
(Flanders), a generic dB-value is defined as an industry noise limit, but the corresponding statistical 
indicator used to assess it (e.g. Leq, L50, L95) is determined per situation.  

 

Figure 4 – Indicators used as limits for different noise sources 
 

3.3 The dB-values 
 Limit values and WHO recommendations 

From the country fact sheets, comparable limit values have been gathered that are within the scope 
and definitions described in section 2. Figure 5 shows the daytime/Lden limit values and the Lnight limit 
values as a cumulative distribution: the vertical axis shows the countries that report a limit value 
higher than or equal to the dB-value on the horizontal axis, as a percentage of all countries that have 
a limit value for that noise source. The dashed vertical lines show the intervention as recommended 
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by the WHO. Countries that have no noise limits for that noise source and period are not included in 
the graph. Values selected for these graphs apply to new situations (new infrastructure/installations 
and/or new dwellings). 

The range of limit values is wide. For road and rail traffic, there is range of 18 and 20 dB between 
the highest and lowest values used as daytime noise limits. For aircraft, the range is smaller (10 dB). 
For industry noise, there is a higher range (31 dB), but the upper half of that range is covered by only 
20% of the countries. For wind turbines, the range is 20 dB. For nighttime noise, Lnight limit values 
are typically lower, but the ranges are similar to those found for daytime/average limits, for nearly all 
sources.  

Noise limits are relatively high compared to the WHO recommended noise levels for road, rail, 
aircraft and wind turbine (daytime) noise. For road and rail traffic, 10% of the countries have limits 
at or below the WHO values. For aircraft noise, there is not a single country with limits at or below 
the recommended value. For wind turbines, 6 out of 14 countries have daytime limit values below or 
at the WHO-level (45 dB). This indicates that there are currently many countries in which noise levels 
above the WHO-recommended values are allowed. There may very well be noise mitigating actions 
below the limits, but there definitely are many situations in which there is no obligation to bring down 
noise levels to a value below the WHO-recommended levels. 

 

Figure 5 – Cumulative distribution of limits: % of countries with a limit value higher than or equal to the 

value on the x-axis. Countries without limits for that source have not been counted. Left: daytime/average 

noise (Lday or Lden), right: nighttime noise (Lnight), for traffic sources (top) and industrial sources (bottom). 
 

 Differences between noise sources 
As figure 5 shows, the cumulative distributions of limit values are quite close together for the three 

traffic noise sources (road, rail and aircraft). Figure 7 shows a histogram of the difference, within the 
same country, between rail and road noise limits (top graph) and between aircraft and road noise limits 
(bottom graph). Approximately 70% of the countries with limits for road and rail use equal limit 
values for both sources. Nearly 25% applies a ‘rail bonus’, i.e. a higher noise limit for rail noise than 
for road noise. This was in line with earlier dose-response relations (3), that showed a lower 
percentage of people highly annoyed or sleep disturbed by rail noise than by road noise, at the same 
Lden/Lnight levels. However, the recently updated dose-response curves underpinning the WHO 
guidelines, as shown in figure 6, do not support such a rail bonus. In fact, the recent relations show a 
slightly higher occurrence of annoyance and sleep disturbance for rail than for road traffic noise.  

Figure 6 also shows that people are much more annoyed and sleep disturbed by aircraft noise than 
for road and rail noise. Yet, only 25% of the countries apply lower noise limits for aircraft than for 
road noise, and 35% of countries actually have aircraft limits above the road limits.  
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Figure 6 – WHO 2018 dose-effect relations for annoyance and sleep disturbance; left: %HA vs. noise level, 

for road, rail and aircraft, right: %HSD vs. noise level, for road, rail and aircraft 

 

 
Figure 7 – Difference between limits for rail and road (top) and between aircraft and road (bottom) 

 

3.4 Consequences 
Countries were asked for consequences of exceeding the limit values, that range from: 

 prohibition: a full stop of the (planned) noise producing activity; 
 active noise measures, e.g. silent road or track measures, noise barriers or source reduction measures; 
 passive noise measures, e.g. facade insulation or buying out house owners; 
 financial sanctions: fines for the installation owner, or financial compensation of exposed people. 

 
And then there may also be further, non-legally binding actions, such as drawing an action plan, 

monitoring the noise immissions and/or informing the public. 
As figure 8 shows, exceeding the limit often leads to a prohibition of operations or construction of 

industrial installations or wind turbines, but is uncommon for traffic noise sources. The consideration 
of active noise measures is required in a majority of countries for all sources, often followed by the 
obligation to take passive noise measures when active measures are not possible or not cost-effective. 
Financial sanctions are more common for aircraft and industrial sources than for road and rail traffic.  
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Figure 8 – Occurrence of various consequences as a result of exceeding the limit, for each noise source  
 

3.5 Basis of limit values 
About 1/3rd of the respondents indicate that the dB-values are based on the previous WHO-

guidelines or the then-used Miedema dose-response curves, often aimed at some level of annoyance 
(9 to 15%). Another 1/3rd of countries reports a specific national policy-making process to establish 
their limit values, incorporating national impact studies based on health impacts, cost/benefit data 
and/or public/stakeholder consultation. About 25% of the respondents did not answer the question 
about the rationale behind the limit values. The basis for the limit values is not always known or well -
documented. 

 

4. CONCLUSIONS AND RECOMMENDATIONS 

4.1 Research questions 
What types of limit values exist? 
This study aims to provide an overview of the current status of noise legislation in Europe. From 

the fact sheets, received from nearly 30 European countries, we conclude that there is a high level of 
noise legislation in Europe that includes assessment of noise immission levels. 90% of the countries 
responding to our questionnaire report that limit values for environmental noise exist. Of all countries 
with noise limits, traffic noise limits (road, rail and/or aircraft)  exist in 80% of the cases, 75% have 
limits for industry noise, and 50% have limits for wind turbines. Limit values are most often assessed 
using Lday and Lnight, sometimes in combination with Levening. Less common is the use of the Lden, 
sometimes combined with a separate Lnight limit, as suggested by the WHO. 

 
What values and quantities are used? 
Limit values used in European countries are generally higher than the intervention levels 

recommended by the WHO. For road and rail, 80 to 90% of the noise limits are higher, and for aircraft 
noise all countries with limits use values higher than the WHO recommendation. For wind turbines, 
this is about 60%. The values of the noise limits vary widely, with ranges of approximately 20 dB for 
road, rail, aircraft and wind turbine noise, and over 30 dB for industry noise.  

 
The dose-response relations presented by the WHO show that the health impact of aircraft noise is 

stronger than for road or rail noise. In general, this dissimilarity is not reflected in European noise 
limits, as 75% of countries allow equal or higher levels of aircraft noise than road noise. For rail noise, 
25% of the countries have a 5 dB higher rail noise limit than for road noise. Such a 5 dB ‘rail bonus’ 
is not justified by the new 2018 WHO guidelines.  

 
What is the scope of these values and what are the legal consequences?  
Even if limit values exist, they may not apply everywhere and always. In 20% of the countries, 

noise limits exist only for new situations (new dwellings, new infrastructure or new installations), and 
not for existing situations. The value of the noise limit for existing situations may be higher than for 
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new situations: in 40% of the countries, road and rail noise limits are higher (usually +5 dB) for 
existing situations. For aircraft and industry noise, this is 20%. For wind turbines, such a difference 
was not reported. 

 
The impact of a noise limit is determined not only by the dB-value, but to a large extent by the 

consequences attached to exceeding the limit, as well. A full prohibition of activities or planned 
constructions is common (75 to 80%) for industry and wind turbines, but uncommon (20%) for traffic 
noise sources (road, rail and aircraft). A legal obligation to consider the application of active noise 
measures (e.g. source measures, noise barriers) is common for all sources, often followed by the 
obligation to take passive noise measures (e.g. facade insulation) if active noise measures are not 
possible or not cost-effective. Financial sanctions are also a regular instrument (30 to 70%).  

 

4.2 Recommendations 
National and local authorities in European countries may be currently considering to update their 

noise legislation based on the new WHO guidelines. From the results in this report, the following 
recommendations are given for the implementation of these guidelines:  

 When considering new or different values for noise limits, authorities should regard the legislative 
system as a whole, regarding also the enforcement and legal consequences. Specifically for existing 
situations, a trigger to assess the noise levels against the limit should exist. 

 The legislation should be clear about the objective of any limit or target value: either as a minimum 
value above which actions should be considered, or as a maximum value that should not be exceeded.  

 Following the WHO-recommendations, limit values for road and rail traffic should be similar and 
limit values for aircraft noise should be considerably lower than for road and rail traffic. This 
recommendation is purely from a health perspective, however, and other considerations may apply.  

 

4.3 Discussion 
The findings in this report are based on data provided by national experts from 29 European 

countries and, therefore, covers the majority of European noise legislation. The information provided 
by respondents varies from concise to quite extensive, but generally provides good and complete 
answers to the questions asked. Nevertheless, the details of national noise legislation are undoubtedly 
more complex and refined than the summarized descriptions given. Moreover, some level of detail 
might have been lost in the process of analyzing the data. 

 
It should be noted that noise limits do not directly reflect the real noise levels generally present  in 

a particular country, nor do they relate to the number of people exposed to harmful noise levels. 
Conclusions about the actual health situation in any country, or in Europe as a whole, should not be 
drawn from this paper. 
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ABSTRACT 
Living in a quiet area provides health benefits such as increased quality of life and well-being. Nearby access 
to quiet areas can also offer psychological restoration and can help in reducing noise annoyance reactions. 
Quiet areas are not only beneficial for human health but also help to protect areas of valuable habitat. The 
Environmental Noise Directive (END) recognises the need to preserve areas of good acoustic quality, 
referred as “quiet areas”. However, the data reported as part of the END contains little information on how 
the countries, regions and cities define and protect quiet areas in their territories and whether there has been a 
significant improvement in designation and protection of these areas over the past years. The aim of this 
paper is to present an overview of how countries define and protect of quiet areas in Europe. This is achieved 
using data from case studies comprised of online questionnaires, which were completed by noise 
representatives of different countries, regions and cities. In addition to the analysis of the questionnaires, a 
combined spatial assessment of noise exposure, land use and land cover data for areas potentially unaffected 
by noise pollution in European cities is presented for 2012 and 2017. 
 
Keywords: Noise abatement, Traffic noise, Road traffic noise, Aircraft noise, Railway noise, Quiet areas, 
Limit values 

1. INTRODUCTION 
Noise pollution is caused by a variety of sources and is widely present not only in the busiest urban 

environments but also in natural environments [1]. Quiet areas offer lower sound levels from traffic 
providing restoration from environmental stress and opportunities for rest and relaxation  [2]. Apart 
from the physical and mental health benefits to humans, quiet areas are also important for animals [3].   

 
The Environmental Noise Directive (END) recognises the need of preserving areas of good 

acoustic environmental quality, referred as “quiet areas”, in order to protect the European soundscape 
[4]. However, the END does not provide a clear definition of quiet areas, leaving ample discretion for 
interpretation to the countries [5]. Available guidance suggests that quiet areas are those where noise is 
absent or at least not dominant [5, 6]. It is also understood that quiet areas generally have further 
qualities than low noise levels. Even though people seek tranquility, they also want a safe and clean 
place and a pleasant view, preferably with green or water  [6]. Furthermore, quiet areas are also those 
perceived to have a pleasant soundscape made with natural or man-made sounds [7]. 

Although the European legislation aims to reduce noise pollution and highlights the need to 
preserve currently unaffected areas, the designation of quiet areas in Europe is still under development 
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and areas identified as quiet are not always protected through action plans  [8]. Data reported as part of 
the END currently contains little information on how the countries, regions and cities define and 
protect quiet areas in their territories. Likewise, there is no available information on the state of areas 
potentially unaffected by noise in Europe.  

 
In this paper, an overview of how countries designate and protect quiet areas in Europe is given based on 
questionnaires and spatial data. This paper aims to provide new information about: 
 

 Characteristics taken into account to designate quiet areas inside agglomerations 
 Measures to protect quiet areas currently used by countries/regions/cities 
 Increase/decrease in potential quiet areas between 2012 and 2017  

2. METHODS 

2.1 Questionnaire 
A questionnaire was used to collect information on how countries, regions and cities define, 

designate and protect quiet areas inside their territories.  The questionnaire was prepared with the EU 
survey platform (https://ec.europa.eu/eusurvey/) and was sent to the noise representatives from the 
countries that are part of the partnership network of the European Environment Agency (EEA). The 
noise representatives were also asked to distribute the survey to cities and regions in their country. The 
type of information collected was qualitative. The questionnaire consisted mainly of open-ended 
questions which aimed at collecting information on the following areas:  

 
 Criteria used to designate quiet areas 
 Noise limits used for designating quiet areas 
 Differences between quiet areas in agglomerations and in the open country 
 Number and size of quiet areas designated 
 Characteristics of the quiet areas 
 Reasons for not designating or protecting quiet areas 
 Legal instruments used to protect quiet areas 
 Measures implemented to protect quiet areas 

 
A qualitative analysis was performed on the survey responses given by the noise representatives with 
the a particular focus on the criteria used to designate quiet areas, noise limits used to designate quiet 
areas and the measures implemented to protect quiet areas inside agglomerations. 

2.2 Spatial Data 
Noise contour maps of cities submitted under the END for the 2012 and 2017 round of noise 

mapping were used to determine the changes in areas potentially unaffected by noise. The noise 
contour maps for all sources of noise (road, rail, air and industry sources) were used. In addition to this, 
the CORINE Land Cover 2012 and 2018 were used to assess the changes in land cover type (Blanes et 
al. 2019). The rationale used to conduct the spatial analysis is shown in Figure 1. 
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Figure 1 – Spatial analysis diagram used to assess changes in quiet areas. 

 
 

The changes in quiet areas using noise contour maps of cities and land cover types were calculated 
for cities where data was available.   

 

 
Figure 2 – Analysis of noisy and quiet areas based on noise contour maps from 2012 and 2017 

3. RESULTS 

3.1 Overall questionnaire responses 
A total of 21 countries replied the questionnaire (DE, HU, RO, SK, EE, DK, LT, CZ, IE, IT, SI, LU, 

BG, PT, UK, BE, MK, CH, TR, RS, KV). Information at regional level was collected for DE and IT (3 
regions for both) and 1 region reported information for Finland. 45 agglomerations from 9 different 
countries reported information on quiet areas (AT, BE, BG, DE, FI, IE, IT, PL, PT). See Figure 3.  
 

Out of the countries that responded, 85% indicated that criteria for designating quiet areas in their 
territories were in place and 60% had designated at least one quiet area. Respondents reported that the 
criteria used are different between quiet areas in the open country and quiet areas inside 
agglomerations. To date, most countries focus only on quiet areas inside agglomerations and therefore 
the following sections report only responses reported by countries and regions regarding the state of 
quiet areas inside agglomerations as well as the responses received by individual cities. 
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Figure 3 – Distribution of responses 

 

3.2 Designation and protection of quiet areas 
According to the country questionnaires received, 60% of the countries that responded to the 

questionnaire reported having some criteria to designate quiet areas inside agglomerations. According 
to the questionnaires completed by the cities, 30 cities out of 45 reported to have criteria for 
designating urban quiet areas inside the city. The majority of quiet areas inside agglomerations were 
designated in the second reporting cycle of the END (2010 – 2014), and most of them were reported 
through the END directive. The criteria used to designate quiet areas inside urban agglomerations is 
shown in Table 1. 

 
Table 1 – Criteria for designating quiet areas inside agglomerations 

Type Responses 

Acoustic criteria  Areas undisturbed by noise. Countries and cities designate areas as 
quiet areas if noise levels in a substantial percentage or surface of the 
“quiet area” are below a certain noise threshold. The noise limit 
values used to designate quiet areas are reported in Figure 4.  

 Difference in noise levels between the “quiet area” and surrounding 
areas is established in some countries/cities. Differences reported are 
between 6 dB(A) to 15 dB(A). 

Urban functionality  Quiet areas inside agglomerations are generally attributed to areas 
with a certain type of functionality. A diverse range of functionalities 
were reported such as health sensitive sites (i.e. hospitals, schools), 
recreational sites (i.e. play-grounds, sporting facilities, outdoor 
theatres), parks, cultural heritage sites (i.e. castles, churches, 
archeologic sites) and public areas (i.e. urban squares, cemeteries). 

Land cover type  Green/blue landcovers (i.e. high degree of vegetation, city parks, 
gardens, green urban areas) 

Location of the area  A minimum distance from noisy activities from industry and major 
roads needs to be met. 

 Areas within or adjacent to densely populated settlement area or near 
residential areas. 

Accessibility to the 
area 

 To be publicly accessible. One city has designated quiet areas as those 
where at least 10.000 inhabitants have access to the relatively quiet 
area within a walking distance (1 km).  

 Interconnected natural spaces connecting with inter-urban links to 
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adjacent landscape areas through forests, green spaces, parks, fields 
and meadows. 

 Quiet axes with networking function: connecting routes away from 
the main traffic routes in attractive inner-city open spaces. 

Size of the area  Minimum size needed. Different sizes have been reported from 0.3 ha 
to 5 ha. 

Visual qualities  Areas with established scenic importance. 

Subjective 
judgement 

 A quiet area needs to be perceived to have a pleasant soundscape.  

 
The majority of countries also provided information on the specific noise limits that are applied to 

designate quiet areas inside agglomerations. The noise limits reported can be seen in Figure 4. It 
should also be highlighted that we found that more emphasis was given to the difference in noise level 
between the core part of the quiet area and the surrounding areas. 

 

 
Figure 4 – Noise indicators and limit values considered to designate quiet areas in urban areas. 

 
32 cities provided information on the type of measures that were conducted to protect quiet area s, 

including preserving the areas and preventing any deterioration of existing quietness . A summary of 
the different measures applied by cities is shown in Table 2. Nevertheless, the main reasons 
highlighted by cities where no action plan has been conducted to protect quiet areas are that there is no 
definition in place for quiet areas, there is a lack of protection tools, as well as a lack of interest from 
the population concerning quiet areas. 

 
Table 2 – Measures carried out to protect quiet areas inside agglomerations 

Type Responses 

Monitoring  Monitoring noise levels in quiet areas and urbanised areas 

Limitation of noise  Restriction of certain noise-making activities  
 Determine the appropriate noise limit values and include them in the 

ecological and environmental impact assessment analysis (quiet areas 
in open country) 

 Further limitations (linked to their use) in those areas (e.g. large 
concerts) 

Traffic mitigation 
and management 
measures 

 Speed control, traffic patterns, traffic management  
 Increase and prioritize the use of public transport 
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 Promotion of cycle mobility 
 Creation of a cycle track/path/infrastructure 
 Installation of electronic speed detection system 
 Sustainable development of the urban transport system 
 Traffic bans / restricting car access to the central parts of the city 
 Replacement of intersections with roundabouts 
 Green wave light / optimization of traffic lights 
 Sound-absorbing asphalt / improving road surfaces 
 Creation of 30 km/h zones 
 Road movement reorganization in some areas / reorganization of 

spaces 
 Interventions for a more fluid traffic flow / traffic calming 

Urban planning  Increase and widen pedestrian areas 
 Organizing car parks near the start and end stops of public transport  
 Designing sites for public use, reforestation of free areas and 

construction of landscaping zones and parks 
 Limiting the creation and development of ground infrastructures 

(roads, rail, recreation) 
 Avoidance of construction in quiet areas 
 Creation of buffer zones within quiet areas 
 Determine the impacts concerning traffic planning 
 Consideration of quiet areas within (environmental) planning / 

development decisions 
 Consideration of environmental noise in new plans 

Noise barriers  Installing sound barriers, green barriers and protection screens 

Promotion and 
awareness 

 Appropriate signage 

 

3.3 Changes in urban quiet areas between 2012 and 2017 
There is variability between cities in terms of gain/loss of potential quiet areas.  Figure 5 shows the 

percentage change of potential quiet areas between 2012 and 2017 for two different types of land use, 
green/blue areas and residential areas. As it can be seen, cities such as Bern, Zürich, Cork, Hamburg, 
Lausanne, Munich, Aalborg and Aarhus experienced a net gain in land that is green/blue and 
potentially quiet (shown with a light green percentage denoting the “no quiet-quiet option” of the 
legend). On the other hand, cities such as Vilnius, Praha, Dusseldorf, Cologne, Dublin, Copenhagen 
and Valleta have experienced a decrease in potential quiet areas that are green/blue. Looking at the 
gain of residential quiet areas, it can be seen that Aarhus, Aalborg, Munich, Dublin, Hamburg, Cork, 
Zürich and Lausanne have experienced a net gain in potential quiet areas that are residential. Although 
the reason for these changes is unknown, local noise action plans, nature conservation plans as well as 
measures related to urban planning can have an effect on the gain or loss of quiet areas in urban 
settings. On the other hand, a change in the modelling methodologies used for traffic could also lead to 
changes that are not strictly related to a real increase/decrease of noise. 
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Figure 5 – Gain and loss of green/blue and residential quiet areas between 2012 and 2017 in 

selected cities. 
 

4. DISCUSSION AND CONCLUSIONS 
The designation and protection of quiet areas in agglomerations was investigated through the 

analysis of a questionnaire completed by noise representatives of 21 countries, 7 regions and 45 cities. 
The results show that the majority of respondents indicated to have definitions of quiet areas in place 
as well as selection criteria to designate them. The responses indicate that the selecting criteria used 
for the designation of quiet areas vary widely. Sound-pressure levels seem to play an important role in 
the selection criteria for designating quiet areas. However, sound levels are not the only important 
factor for designating these areas. Other factors taken into account to designate quiet areas are  those 
related to visual qualities of the area, distance from the noise sources, subjective perception of the area, 
accessibility to the area, size of the area as well as land use type and functionality of the area. These 
results support the previous calls for new kinds of indicators as well as new methods for identification 
or measurement of perceived acoustic quality/appreciation of quiet areas as current measurement 
methods cannot discriminate pleasant natural sounds such as birds, water or wind from unwanted 
sound from transportation, industry or recreational sources [5].  
 

A significant number of competent authorities have made an effort to protect quiet areas. About 
60% of the cities that completed the questionnaire indicated that they are applying some mitigation or 
management measures to protect quiet areas inside their urban areas. Most of the measures applied are 
very similar to those used for management and mitigation of transportation noise. Urban planning 
measures that are being used to protect quiet areas include pedestrianisation, and the evaluation of 
noise effects during the planning process of new infrastructure projects. Public engagement and 
awareness don´t seem to be widely used measures for protecting quiet areas. A higher promotion and 
awareness of quiet areas could be beneficial since cities have reported that one of the stoppers for 
protecting quiet areas is that there is a lack of interest from the population concerning quiet areas. 

 
A variability between cities in terms of gain/loss of potential quiet areas was found. However, 

further investigations are needed to determine whether these results are due to other factors such as the 
use of different traffic noise modeling methodologies between 2012 and 2017, or a lack of common 
assessment methods between cities. 
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ABSTRACT   
In conjunction with work on the Round 3 noise maps and role out of the noise action plans, the Irish 
Environmental Protection Agency (EPA) is focused on the provision of public information and advocacy 
around transport noise. The noise maps are being used by the various Local Authorities to communicate to 
the public about the modelled noise levels in their area and how they may be addressed in their noise action 
plan. It has given the public improved access and a better understanding of what the noise maps are all about. 
 
The Irish EPA are also developing a noise briefing paper to give an update on environmental noise, that will 
add to the noise mapping information on the EPA website. In addition, the EPA is producing an environmental 
noise ‘Factsheet/Infographic’ to help provide better public information on noise and are also planning for   a 
noise feature article in the press, and some other noise related features during 2019-2020. The intention is to 
increase public awareness around environmental noise with a view to putting a greater focus on the various 
Local Authority noise maps and action plans, and their implementation over the next five years. 
 
Keywords: health, noise maps, geo-tool. 

1 INTRODUCTION  
Environmental noise is 'unwanted sound' arising from all areas of human activity such as noise 

from transport, industrial and recreational activities. According to the World Health Organisation 2011 
(1); ‘Environmental noise leads to a disease burden that is second in magnitude only to that from air 
pollution, among environmental factors in Europe’. According to the 2014 study for Directorate-
General (DG) Environment on the Health implication of road, railway and aircraft noise in the 
European Union (EU) (2) found that exposure to noise in Europe contributes to:  

 about 910,000 additional prevalent cases of hypertension,  
 43,000 hospital admissions per year, and  
 At least 10,000 premature deaths per year related to heart disease & stroke.  

Since 2016, environmental noise has become a more significant issue in Ireland as the public have 
become more engaged around transport noise sources and their potential health impacts. An increasing 
interest in noise is also demonstrated by the European Commission Noise Conference held in Brussels 
in 2017, where over 450 delegates gathered to hear the WHO outline the latest findings on the health 
implications of noise, while the European Commission highlighted some activities aimed at reduction 
of noise pollution in member states.  

2 NOISE & HEALTH  
In 2018, the World Health Organisation (WHO) published Environmental Noise Guidelines for the 

European Region (3) which sets out how noise pollution in our towns and cities is increasing. It 
demonstrates how excessive noise particularly from transport sources is a health risk, by contributing 
to effects on sleep, as well cardiovascular diseases and metabolic effects. The main purpose of these 
guidelines is to provide recommendations for protecting human health from exposure to 
environmental noise originating from various sources:  

 transportation (road traffic, railway and aircraft) noise,  
 wind turbine noise, and leisure activities. 
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The implementation of the WHO Guidelines is currently being negotiated at European Union (EU) 
level, and the development of any future National Noise Policy in Ireland will be influenced by the 
outcome of this transposition process. In Ireland, the publication of the WHO noise guidelines has led 
to a focus on environmental noise, particularly in relation to the main road network around Dublin 
city including the M50 (a major orbital motorway), and in relation to aircraft movements in and out 
of Dublin airport, which had over 30 million passengers in 2018.   

3 NOISE RESEARCH IN IRELAND 
One of the Environmental Protection Agency (EPA) goals is to promote a greater awareness of the 

impact of environmental quality on health. In line with this goal, the EPA has commissioned a 3-year 
research project ‘Noise and Health Evidence from Ireland’ led by University College Dublin (UCD) 
in co-operation with the Economic and Social Research Institute (ESRI), that will provide a detailed 
review of the relationship between environmental noise and health/wellbeing. This research will 
provide a national estimate of the burden of disease from environmental noise in disability-adjusted-
life-years (DALYs). The plan is to combine noise modelling and health data to examine contributory 
relationships between noise exposure, and health and wellbeing outcomes. The final repor t should be 
published in 2021 (4). 

A further two-year noise research project also led by UCD and which focuses on ‘Transitioning to 
Strategic Noise Mapping under CNOSSOS-EU’ (new common methods of assessment) for Round 4 
noise mapping has also commenced (5). The main aim of this study is to provide a transitional needs 
assessment for adapting to CNOSSOS-EU: 2015 in the Irish context for road, rail, air, and industry, 
including the administration of a standardised approach for population exposure estimation.  

4 ENVIRONMENTAL NOISE LEGISLATION  
The EU’s Environmental Noise Directive (END) 2002/49/EC deals with environmental noise from 

major transport infrastructure including roads, railways and airports. In Ireland the END was 
implemented through the Environmental Noise Regulations 2006. In 2018, the Department of 
Communications Climate Action & Environment (DCCAE) completed a revision of the 2006 
regulations. The ‘European Communities (Environmental Noise) Regulations 2018 (6) both revise and 
revoke the Environmental Noise Regulations 2006 and transpose the common noise assessment 
methods (CNOSSOS-EU) Directive 2015/996 (7).  

The Environmental Noise Directive (END) 2002 sets out a two-stage process for addressing 
environmental noise by requiring Member States to: 

 Establish the extent of the noise problem by preparing ‘strategic noise maps’ for major roads, 
railways, airports, agglomerations and industry; and  

 The competent authorities are then required to develop action plans to reduce the level of noise where 
necessary and to maintain environmental noise quality where it is good.  

5 STRATEGIC NOISE MAPPING  
A strategic noise map sets out the noise exposure in a given area resulting from noise sources. 

These sources include major roads (>3 million vehicle movements/annum), major rail (>30,000 rail 
passages), major airports (>50,000 air movements/annum) and major agglomerations (>100,000 
inhabitants), which in Ireland includes the cities of Dublin and Cork. These maps are prepared using 
computer modelling techniques. The modelling software uses source data such as traffic flow, type of 
road and rail, types of vehicles and speeds etc.    

All noise maps are presented in terms of two noise indicators: Lden and Lnight. 

 Lden is the day-evening-night noise indicator and it represents the noise indicator for overall 
annoyance. It is ‘weighted’ to account for extra annoyance in the evening and night periods. The 
Environmental Noise Directive (END) defines an Lden threshold of 55 dB for reporting on the 
numbers of people exposed. 

 Lnight is the night time noise indicator and is used in the assessment of sleep disturbance. An Lnight 
threshold of 50 dB is defined for reporting on the numbers of people exposed. 
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These indicators are based on year-long averages of the day (07:00-19:00), evening (19:00-23:00) 
and night (23:00-07:00) time periods.  

6 ADVOCACY FOR THE ROUND 3 NOISE MAPS 
One of the Environmental Protection Agency (EPA) strategic goals is to be an ‘Effective Advocate 

and Partner’. In the EPA, advocacy is the evidence-based promotion of an environmental policy or 
behaviour that will influence a decision or achieve a specific outcome. In order to encourage people 
to change their behaviour, or to raise awareness of the value of a clean protected environment, the 
EPA often works with, and through, others to deliver on these goals. EPA staff are encouraged to get 
involved in advocacy or partnering initiatives. The EPA strategy also has an objective covering the 
provision of timely and tailored information, and this approach has been followed for the Round 3 
noise maps.  

6.1 Noise maps 
The Round 3 Noise Mapping information on the EPA website (8) sets out the various roles and 

responsibilities for noise mapping in Ireland. Responsibility for the preparation of the relevant 
strategic noise maps lies with the designated Noise Mapping Bodies (NMBs). The NMBs include 
Transport Infrastructure Ireland (TII), who are responsible for mapping national roads & the Luas  - 
which is a light rail system in Dublin city.  

Local authorities (LAs) are responsible for mapping the non-national major roads, while Irish Rail 
map the heavy rail and the Dublin Airport Authority (daa) map the major airport (9). The four Dublin 
local authorities (Dublin City Council, Fingal, Dún Laoghaire-Rathdown, & South Dublin County 
Councils) are responsible for developing a noise map for the Dublin agglomeration. Cork City and 
Cork County Council have a similar role for the Cork agglomeration.        

The EPA is the national authority for overseeing the implementation of these noise regulations. 
The EPA role includes supervisory, advisory and co-ordination functions in relation to both noise 
mapping and action planning. 

The public can view the Round 3 Strategic Noise Maps on EPA Maps (10) under "Environment & 
Wellbeing - Noise". There are clear instructions on ‘How to access data’ on page 2 of the EPA website. 
In October 2018, when the noise maps were published, the EPA tweeted on EPA Ireland  
https://twitter.com/EPAIreland/ that the noise maps were available to view on the EPA Map Geo Tool, 
and that they could be used to assess noise exposure in a given area.  While this may seem like a small 
step, it was a new way of making the information on noise mapping better known. It was also used to 
increase public awareness around the role out and implementation of the noise action plans, as outlined 
below. 

 

Figure 1; Dublin agglomeration roads map.  
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6.2 Noise action plans 
Following the preparation of the noise maps, the relevant Action Planning Authorities (APAs) i.e., 

the 31 local authorities, were then required to prepare noise action plans where the Lden (55 dB) and 
Lnight (50 dB) thresholds had been exceeded. These action plans are designed to manage noise issues 
and effects, and it involves the prevention and reduction of environmental noise where necessary. The 
EPA has produced guidance for local authorities (11) on the content of such plans. 

Public consultation is a key part of the noise action planning process. Local Authorities (LAs) are 
required to ensure that the public are given sufficient opportunities to participate in the preparation of 
the draft plans. Any submissions received as part of this public consultation process must be 
considered before the LAs can finalise their plans.  In order to assist the public to access their local 
noise action plan, the EPA will provide a direct link to the 32 action plans on the mapping section of 
the EPA website, as soon as the remaining action plans have been finalised. 

6.3 Using EPA Noise Maps Geo Tool during public consultation 
Fingal County Council (which is one of the 4 Dublin local authorities) received around 580 

submissions on their draft Dublin airport noise action plan (NAP), and around 15 submissions on the 
Fingal County noise action plan. In order to engage more effectively with the public, Fingal County 
Council arranged two public consultation meetings locally in Swords and in Blanchardstown to 
discuss this draft NAPs. At these public consultation meetings, the Fingal CC representatives used the 
noise mapping information on the EPA website to explain to the local community representatives what 
the noise maps were indicating about Fingal County and Dublin airport. The following extracts 
includes a brief explanation as to how they engaged with the public using the EPA Map geo tool 
resources; 

Choose a map and zoom in - https://gis.epa.ie/EPAMaps/ 

 
           Figure 2: EPA MAPS – Noise Round 3 Road - Lden.  
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For those Fingal residents who live near the airport, they can then use the drop-down menu to 
check out the noise contours around Dublin airport;  

 

Figure 3: Noise Round 3 airport - Lnight (includes metadata)  

The Fingal representatives were also able to show the public how they could use their local map 
and zoom in to street level to see how they are impacted by road traffic.  The metadata on the left-hand 
side explains what the graph represents, and there is also a drop-down menu which can be selected to 
view the full metadata information, and it also includes some additional links. For the Fingal 
representatives, there was some very positive feedback from the public in relation to the benefits of 
this mapping tool. The local authority (LA) feedback on the EPA mapping tool was also largely 
positive, with Fingal County Council describing the noise mapping facility on the EPA website as a 
‘very helpful tool’. This online facility allowed the LAs to demonstrate the full range of the noise 
maps to the public using the EPA Map Geo Tool and the associated metadata.  

 

 

Figure 4: Noise Round 3 Road -Lden   
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7 OTHER NOISE ADVOCACY ROLES 

7.1 EPA guidance notes 
Under the END, the EPA role includes supervisory, advisory and co-ordination functions in relation 

to both noise mapping and action planning. As part of this advisory role, the EPA has published a 
number of noise guidance documents. In 2018, the EPA published an updated action planning guidance 
note (12). This document was issued to provide an update of the original EPA Noise Action planning 
Guidance (2009).  

The approach adopted for the Round 3 noise action plans was very much based around the original 
guidance, but it also included an update on the strategic policy context and the National Planning 
Framework 2040 which includes policy ‘Objective 65’ to; 

promote the pro-active management of noise where it is likely to have significant adverse impacts on 
health and quality of life and support the aims of the Environmental Noise Regulations through 
national planning guidance and Noise Action Plans. 

As part of our advocacy role, the EPA had made several submissions recommending that noise 
policy was included in the ‘National Planning Framework – Project Ireland 2040 (13)’, and the 
inclusion of Objective 65 is seen as a very important development.  

The revised 2018 guidance note also included updated information on environmental noise and 
health, an update on the two EPA funded noise research projects and guidance to APAs with regards 
to undertaking Strategic Environmental Assessment (SEA) and Appropriate Assessment (AA) 
screening with regard to the Noise Action Plans.  

Meanwhile any observations/comments on environmental noise are now being incorporated into 
SEA submissions on relevant plans and programmes. For some of the draft Noise Action Plans (NAP), 
the LAs have received submissions around land use planning, and the designation of Quiet areas, 
which are highlighted in the EPA guidance notes. One such submission on the Cork City action plan 
referred to recent research evidence of the adverse impacts on health that exposure to excessive noise 
can have and references some relevant WHO publications on traffic noise effects, as well as 
referencing some of the EPA guidance notes. It is encouraging to see that these types of issues which 
are highlighted on the EPA website, are being raised by groups in their noise action plan submissions. 

7.2 Live Green – EPA website 
The Live Green web site (14) contains some useful information on noise nuisance and noise 

legislation. It talks about areas such as noise nuisance, and noise legislation. It defines the legal role 
of the EPA and Local Authorities in relation to noise. There is also some useful information on 
domestic noise, as well as those experiencing nuisance from alarms or barking dogs. It also includes 
information on transport related noise and links to noise mapping. The site content will be moving to 
Department of Environment web pages during 2019. 

7.3 Environmental conferences 
The EPA has been pro-active in raising issues around noise maps and action plans as well as noise 

and health issues at a number of recent conferences. This includes the ‘2018 National Air Event’ held 
in Kilkenny, where this author presented on ‘Noise mapping and new WHO noise guidelines’. This 
was a useful opportunity to liaise with colleagues on the air side and to increase awareness around 
these noise related issues.  

At the 2019 Environmental Services Training Group (ESTG) Annual Conference on ‘Climate 
Action: Leading at Local Level’, this author presented on ‘Noise Action Plans and Linkages to Air 
Quality and Climate Change Opportunities’. The main focus of the presentation was to raise 
awareness of the Round 3 noise maps and action plans, and to highlight some of the issues around 
noise and health. The presentation also included some examples of European cross-sectoral projects 
with linkages to climate initiatives, air pollution and noise mitigation. The audience feedback was 
very positive, and this is something that we will look to build on during 2019-2020. 
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7.4 Eco eye noise programme 
Eco Eye is a popular environmental programme that is aired on one of our National TV channels 

– RTE1. Each programme in the series has about 500,000 viewers, which, out of a population of 4.8 
million, is significant. In 2018, there was an Eco Eye episode entitled ‘Silence is Golden (15)’ and 
this programme had a strong focus on the effects of transport related noise sources from roads, and 
airport operations. It was clear from the people who were interviewed in their homes that transport 
noise can be a very significant source of annoyance and stress for some people, and particularly for 
those who may be living very close to a busy motorway or national route. The current lack of noise 
planning guidance to assist the public was highlighted as a major issue in this programme. The EPA 
were involved in highlighting some of the noise issues that were addressed in this Eco eye programme, 
which ties in with our strategy and advocacy role. 

8 UPCOMING ADVOCACY PROJECTS 

8.1 Current work on Noise briefing paper, factsheets and infographic 
The EPA receives regular queries and complaints about environmental noise. Some of the issues 

raised are relevant to the EPA’s role, but many of the issues raised go beyond our statutory noise role. 
However, it can be difficult for the public to know who they should contact in re lation to their noise 
queries or complaints. In order to provide some background information on the more common issues, 
the EPA is working on a noise briefing paper. This draft paper has a Questions and Answers format to 
provide some relevant information. It also includes some information on noise legislation, noise 
complaints, EPA and LA functions, noise mapping and action plans, regulation of airport noise, wind 
energy development guidelines, as well as on noise and health issues.  

It is hoped that once this paper is finalised it will be a useful reference document for the public 
and it will be made available on the EPA website. The EPA is also looking to publish a ‘Noise Factsheet’ 
and a ‘Noise Infographic’. They will be used as a way of presenting a short summary of relevant 
information to the public on noise and health, similar to the ones that have already being developed 
for air, water, waste, and drinking water etc. (16). 

8.2 State of the Environment Report (SOER) 2020  
Every four years the EPA produces a State of the Environment report (17). The SOER 2020 report 

will for the first time include a stand-alone chapter on environmental noise. This chapter will be used 
to identify the main environmental noise issues with a focus on transport related noise. It will set out 
the current issues and identify what is being done to address some of the issues highlighted. There 
will also be relevant information on transport related noise within the Transport chapter, and within 
the Health & Wellbeing chapter. The SOER report is due to be published in 2020. 

9  CONCLUSIONS 
In more recent years, the EPA and some of the relatively small number of noise advocates in Ireland 

have been reasonably successful in raising the profile of environmental noise. The EPA noise maps 
geo-tool has been used by Local Authorities to communicate to the public about the modelled noise 
levels in their area and to explain how these levels may be addressed in the local noise action plan. 
This geo tool has also assisted the LAs in the public consultation process for their draft noise action 
plans.  

The EPA has been involved in producing noise mapping and action planning guidance notes to aid 
noise mapping bodies, and to provide relevant information to the public. We have also promoted the 
significant work undertaken on the Round 3 noise maps and action plans at various environmental 
conference in Ireland. Meanwhile, the outputs from the noise and health research project will help to 
increase public awareness around noise and health in Ireland, while the upcoming SOER 2020 report 
will include a stand-alone chapter on noise. 

While these are largely positive developments, this noise advocacy role has contributed to a 
significant expansion of the environmental noise workload within the EPA, and for some LAs as well. 
This brings its own challenges and we are considering how we can work with others on noise advocacy 
and even expand the role in future years, as we can see there are real benefits in relation to increased 
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public buy in and engagement on noise issues. 
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ABSTRACT 
The classic noise abatement approach consisted of evaluating the problem by establishing noise maps, 
evaluating noise abatement measures in form of action plans and keeping the public informed of the progress 
with a regular monitoring. At least this has been the procedure utilized in Switzerland over the last forty years 
and the EU follows basically the same procedure. This approach is driven by the belief that there are some 
efficient technical or constructive measures available to reduce noise emissions. Moreover, it was expected 
that low-noise innovations would inevitably solve the problem and noise as an environmental burden would 
eventually disappear from the agenda.  
However, new trends and developments have made noise abatement aiming at moving targets and facing new 
battlefields of conflicts. These changes can be attributed to evolution of attitude of human beings, 
social-demographic changes and progresses in the techno-economical environment. In answer to these 
developments, the strategy of noise abatement has to be adapted in order to cope with the new challenges. 
This adaptation should ensure that the type of noise abatement measures are less "end-of-pipe" such as noise 
barriers or protection windows, but measures at source based on holistic concepts that integrate all relevant 
aspects of modern life. 
Keywords: noise abatement, developments, social-demographic changes, techno-economic progress 
 

1. INTRODUCTION 
Noise as a public health issue has become of growing concern in the European Union and it has 

been recognize as one of the most dominant environmental nuisance. There are more than 100 million 
people affected by road traffic noise in western Europe (1). Every year noise causes the loss of more 
then 1.6 million healthy years of life. Estimates (2) of the social costs of environmental noise are 
valued in the range of EUR 40 billion every year. It is also proved that traffic noise is especially 
harmful to vulnerable groups, such as children, the elderly and the poor.  Although noise abatement 
strategies with regulations, monitoring procedures and action plans have been introduced, noise 
exposure is still growing. 

 

2. NOISE ABATEMENT STRATEGIES 
The European response to the growing problem of noise exposure started with the Green Paper of 

noise abatement (3)) in the mid-nineties. Since then, the EU has undertaken remarkable efforts for 
developing regulations, such as Environmental Noise Directive 2002/49/EC (END) (4), the Outdoor 
Noise Directive 2000/14/EC (OND) (5) and the Balanced Approach Regulation 598/2014 (6). 
Moreover, there are various national regulations that control noise management on a local basis. In 
parallel with the consolidation of EU-regulations, WHO issued a number of important publications on 
scientific evidence of the impact of noise exposure on the population. Among them are the Night noise 
guidelines for Europe (7), the Burden of disease from environmental noise (8) and the Environmental 
Noise Guidelines for the European Region (1). 

 
The fundamental noise abatement policy is stipulated in the END, focusing on the most dominant 
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traffic noise sources such as roads, railway lines and airports as well as industrial sites. Monitoring of 
noise exposure is carried out by means of the indicators Lden and Lnight and action plans have to be 
established in order to reverse the tendency of growing community noise and to protect the 
population's health. Noise reducing measures have to be taken at source or at the sound propagation 
path as priority and sound insulation at the dwellings of noise exposed people is only second choice. 
Further important abatement rules are laid down in the Balanced Approach Regulation to protect the 
population from aircraft noise. Apart from promoting technical reductions of aircraft noise, this 
regulation specifies the principle of land-use planning and management and noise abatement 
operational procedures, including operating restrictions such as night flight ban. It is recommended to 
apply cost-benefit analysis to evaluate the total economic welfare effects of noise abatement measures.  

 
There are no pan-European noise exposure limit values that trigger remediation measures, because 

the EU has left this task to the member states, knowing that a general agreement would be very 
difficult to achieve. Also the type of measures in the action plan to reduce noise is left to the member 
states, as it is supposed that the local players (noise polluters, people exposed and authorities) can 
better manage these problems than any detailed European regulation.  

 
Further regulations regard noise emission values for type approval of cars, trucks and motorbikes, 

as well as other outdoor equipment. The emission limit values, however, are not very ambitious in that 
they only reflect the lower end of the technological development. This is because the principal driver 
behind these regulations is the aim of eliminating technical obstacles in trade. The emission limit 
values are therefore adapted to the weakest or - regarding car technologies - the strongest and loudest 
categories. 

 
The effort of Europe in tackling the noise problem is remarkable and to great extend efficient and 

effective, as was proved in the regulatory fitness check (9) of the END. The analysis revealed that the 
directive led to a common approach to noise management and a positive contribution to reducing noise, 
while the overall cost-benefit ratio is in the outstanding range of 1:29. However, what is a good 
measure today, does not have to be so in the future and it seems fair enough to ask the question, 
whether the present noise abatement strategy is appropriate for new trends and developments.  

 

3. Mega-trends for the acoustic future 
As a first step to determine the most important future changes we looked at the so-called 

megatrends, among the various trends and movements of all fields in life.  The term "megatrends" 
refers to a long-term social, economic, political and technological change that structurally influence 
society, the economy, politics and technology over several decades. These megatrends are then the 
basis for developing hypothesis for the future, which in turn can be used to define needs and actions for 
the upcoming noise abatement strategy (figure 1).   

 

 
Figure 1 – Development of action plans of noise abatement measures in the future. 

 
For this purpose a study (10) was carried out in order to evaluate the trends, the megatrends and the 

relevance of these megatrends with regard to the future acoustic landscape. The framework for the 
long-term analysis was set to 2050, which represents a horizon that extends beyond the normal 
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political and official planning and decision-making cycles. As a result there were identified eight 
noise-relevant megatrends that have an impact to the acoustic world in the future. These megatrends 
are: 

 Demographic development will lead to more people and more activities and eventually to more 
noise.  

 Technological progress will lead to more vehicles and devices and eventually to more noise, but 
might also lead to less noisy technologies. 

 Globalisation will lead to less local solutions with a loss of autonomy in influencing one's life 
conditions, leading to a 24-hours society with other sleep, rest and recreation habits. 

 Deterioration of ecological situation will overload the system and put other priorities before a 
quiet environment. 

 Urbanisation leads to higher population densities with more traffic and noise and more stress.  

 Shift of economic structure to information society  leads to less conventional noise problems, but 
also to changes in the needs of working and resting times. 

 Increasing complexity, interconnection and mobility leads to overloading the classic 
transportation and communication channels with the need for more time slots (24-hours 
society). 

 Growing importance of the health and sustainability lifestyle  leads to increased importance of 
health and environmental topics, and quietness is part of them. 

Social and political studies are always based on numerous assumptions and implicit models 
concerning trends and interconnectedness. These megatrends and their possible consequences are 
therefore not necessarily deduced in a strictly logical manner and one could also come to other 
conclusions than those shown above. Nevertheless, the outcome is worth developing the hypothesis 
somewhat further, including possible actions in order to be prepared for the future challenges in noise 
abatement. 

4. Quo Vadis noise abatement? 
In view of the upcoming development indicated by the above depicted noise relevant megatrends, a 

number of hypotheses of challenges (Figure 2) in four domains have been formulated: noise sources, 
recreation areas, settlements and people. On the basis of theses hypothesis there have been proposed a 
number of possible responses or action plans in order to tackle these challenges. These measures are 
not complete, but intended to serve as basis for discussion and provoke responses and new ideas. Many 
of them are already known and have been proposed. e.g. in the final report (11) of the EPA-network's 
Interest Group on Noise Abatement (IGNA).  

 

Figure 2 – Hypothesis of future challenges in four domains 

"Sources", "Areas", "Settlements" and "People". 
Sources: Mobility and automation continue to increase and noise will increase. New technologies 
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might lead to a reduction of technical noise at source, but this progress has to be demanded and 
promoted. Action plans should aim at taming mobility by making use of optimizing measure such as 
smaller and less noisy cars and introducing driving guidance systems. What's more, substitution 
measures should be encouraged such as promoting telecommunication and Home-office solutions 
instead of physical presence in offices and meeting places. A key technology for low-noise traffic is 
electro-mobility (but without AVAS) as well as low-noise tyres and road surface. Buying quiet vehicles 
and devices should be facilitated by introducing noise labels for vehicles and devices, but also by 
stimulating research in low-noise technologies. Classic noise abatement measures such as noise 
barriers, speed limits and other operational optimisations will still be needed. 

 
Areas: Quiet areas will be under pressure because of the increase of population, infrastructure and 

settlements, but also because of overuse. Shift from outdoor to indoor activities might make natural 
recreation areas less valuable for some part of the population. Action plans should aim at preserving 
recreation areas and maintaining them quiet, especially in the vicinity of settlements. What's more, 
citizens should be made aware of the positive effects of natural and quiet areas on health and aspects of 
noise and quietness should be integrated from the very beginning into spatial and settlement planning. 

 
Settlements: Housing will become denser, especially in urban centres, and noise from traffic, 

house automation and devices will increase. Everyday noise and noise from recreation will gain in 
importance, and noise-related conflicts among neighbours will become more frequent.  Action plans 
should complement good sound insulation of housing (external and internal) with energy and climate 
aspects. In addition, there should be implemented automatic regulations of house-insulation and 
ventilation based on customs of inhabitants (internal) and linked with external noise. Close to 
settlements there should be made available easy accessible quiet outdoor spaces for recreation and 
compensation. Moreover, mediation processes should be introduced into planning and execution of 
noisy installation close to settlements. 

 
People: Technological, demographic and social changes endanger the common understanding of 

rest and activity periods, favouring a 24-hours society, where biophonic sound is more and more 
suppressed by technophonic sound. But quietness as part of health will become more important.  Action 
plans should sensitize the population of the importance of quietness and its positive effects on health.  
Noise abatement should be anchored deeper into public health strategies and political discussions 
should be promoted in order to reach consensus regarding time and space for activities and/or 
recovery. 

 
 

5. Conclusions 
New trends and developments have made noise abatement aiming at moving targets. In answer to 

these developments, the strategy of noise abatement has to be adapted in order to cope with the new 
challenges. Classic noise abatement measures will still be necessary in the future, but there are needed 
new holistic concepts that integrate all relevant aspects of life.  The EPA-Network’s Interest Group of 
Noise Abatement (IGNA) is working on that. 
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ABSTRACT
January 1 2019 all member states were required to have transposed the Cnossos-EU (1) calculation method 
(EU directive 2015/996) in their legislation. In preparation, a study was conducted in 2017 to evaluate the 
new calculation method. Part if this evaluation was to see if the method could be used as a replacement for the 
Dutch national method. In this study we found errors within the method that, if implemented, would lead to 
implausible results. The results of this study were presented to the EU commission and the Noise Regulatory 
Committee. As a result, an EU working group, chaired by the Netherlands, was established to study and 
propose amendments to the method. This EU working group has found numerous issues. Some issues are 
about unclear text, which could lead to different interpretations of the method. For example when to use a 
modified height in favourable condition. Another more fundamental example is that it the Rayleigh criterion 
is not defined. Other issues are clear errors of the method. One example is a problem that occurs with multiple 
diffractions in favourable conditions. In its current form it is possible that in situations when multiple 
diffraction occurs the attenuation due to diffraction is much lower (even 0) compared to a single diffraction.

We also found that there are large differences in ground attenuation between Cnossos-EU and more common 
methods like ISO 9613. For many countries, this will lead to a substantially larger area exposed when 
Cnossos-EU will be used in 2022 compared to the noise maps produced in 2017.  A second issue is that 
NMPB on which Cnossos-EU is based was never meant to be used for industrial noise. The ground 
attenuation formulas in particular are fundamentally incorrect for a high source and low receiver. A report (2) 
is published with the findings of the working group. Most of the issues addressed in this report have a clear an 
concise solution. For the Rayleigh criterion we propose two possibilities and, within the short time allotted, 
we have not found a solution for the ground attenuation. For this last issue further research will be necessary. 

Keywords: Environmental Noise, Calculations, Propagation, Cnossos
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ABSTRACT 

The CNOSSOS-EU road noise emission model described in EU Directive 2015/996 makes use of model 

coefficients that represent the average noise emission spectrum and speed dependence for each particular 

vehicle category. Separate coefficients are provided for the road surface influence and for 

accelerating/decelerating conditions at intersections. Appendix F provides default values for cars, trucks and 

two-wheelers with combustion engines.  

This study describes a method to establish the noise emission coefficients and road surface corrections for a 

new vehicle category. The primary aim is to include electric and hybrid vehicles in the noise assessments, to 

enable evaluation of EV/HV proliferation scenarios. To separate rolling and propulsion noise, a combination 

of pass-by (CPB) and close proximity (CPX) methods on an appropriate selection of instrumented vehicles is 

proposed. Instrumented vehicle measurements also provide the intersection corrections. The total noise 

emission is then calibrated using roadside measurements on vehicles in regular traffic. Acoustic transfer 

functions are calculated to derive the sound power coefficients from the measurement results.  

The method description forms a basis for a future BSI standard, which may also cover noise emissions for the 

British CRTN national noise assessment method. Recommendations for further development of such a 

standard are given. 

 

Keywords: Electric, Road, CNOSSOS 

 

 

As this research has not yet been finalized, the paper could not yet be written. Results will be presented 

at the ICA conference, and a full paper will be made available.  
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ABSTRACT 
In the CNOSSOS-EU noise emission model for road traffic noise, the calculation of sound power emission 
of vehicles introduces a road surface correction term, which can be calculated from a set of values provided 
for non-standard types of road surfaces. However, the data may be of limited use for the authorities in charge 
of strategic noise mapping if they do not match with the national or local types of surfaces or if newly 
developed types of surfaces are laid on their networks. A procedure for the acoustic characterization of road 
surface properties is currently discussed within the European standardization group CEN/TC227/WG5. This 
procedure, based on CPX tire-road noise measurements, could serve in two ways for the evaluation of road 
surface corrections as input parameters in CNOSSOS-EU. The first is a direct snapshot measurement on an 
existing network, providing a rapid and up to date evaluation of the road surface correction term, without 
considering the nature of the surface. The second is a reference measurement to collect reference data to 
serve for calculations at later stage. The paper presents the proposed method and its compatibility with the 
existing noise emission model. 
 
Keywords: Rolling Noise, Road Surface, CNOSSOS-EU 

1. INTRODUCTION 
In the CNOSSOS-EU noise emission model for road traffic noise described in EU Directive 

2015/996/EC [1], the calculation of sound power emission of vehicles introduces a road surface 
correction term, which can be calculated from a set of values provided for non-standard types of road 
surfaces. The data provided may be of limited use for the authorities in charge of strategic noise 
mapping if they do not match with the national or local types of surfaces or if newly developed types 
of surfaces are laid on their networks. 

A procedure for the acoustic characterization of road surface properties is being currently discussed 
within the European standardization group CEN/TC227/WG5. This procedure was developed within 
the EU FP7 project “ROSANNE” [2]. The main objective is to set up a harmonized system for 
characterizing the acoustic properties of pavements, to which road authorities and road companies can 
refer in tenders for new pavements. However, this characterization procedure based on CPX tire-road 
noise measurements, could also be used to the benefit of strategic noise mapping, for the evaluation 
of road surface corrections. Obviously, this would enable road planners, road administrators, 
contractors, and manufacturers of pavements to assess in a consistent way the acoustic performance 
of road pavements. 

More precisely, two ways of implementing the procedure for the purpose of noise mapping have 
been identified. The first approach consists in a direct measurement of the road surface corrections on 
an existing network (acoustic “snapshot”). The second approach consists in collecting reference data 
on specific types of road surfaces, to be used at later stage for the calculation of road surface 
corrections. The paper presents the overall approach. 
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2. A PROCEDURE BASED ON CPX NOISE MEASUREMENTS  

2.1 Rationale  
The statistical pass-by (SPB) measurement of road surface effect on tire-road noise is a long 

standing and widely used method described in the international standard ISO 11819-1 [3]. In this 
method, tire-road noise levels are measured at the side of the road and integrate all sorts of vehicles 
(tires) in the traffic. This tends to suggest that the method is representative of the real exposure of 
people working or living close to the road. Over the last decades, large data base have been built of 
SPB noise on many road surfaces, and in several countries, national road surface characterization 
procedures make use of this measurement method. However, there are many disadvantages or 
limitations in this SPB method, the main one being that the measurement result only represents a short 
section of the road. Another drawback is the sensitivity to sound reflected from structures such as 
buildings or parked vehicles and to screening provided by guardrails or other objects affecting sound 
propagation from vehicles to the microphone position. This drastically limits the applicability of the 
method. 

More recently, the close-proximity (CPX) measurement method was developed and published as 
an international standard ISO 11819-2 in 2017 [4]. In this method, the noise generated by specified 
reference tires is measured when running on the surface under test. Two test tires are specified in the 
technical specification ISO TS 11819-3 [5]: P1 typical of passenger car tire emission and H1 
representing heavy vehicle noise emission. They are mounted on a vehicle, which may be self-powered 
or on a towed trailer. The main advantages of the CPX method are that the results characterize long 
sections of road and that it is less sensitive than the SPB method to influences from variation in the 
road environment. Among its disadvantages are that the measurement results are specific for the 
applied reference tire which may not necessarily represent the tire/road noise from various categories 
of vehicle. However, with this method, an entire network can be measured rapidly and efficiently, 
with no site restriction. These advantages made the CPX method much more used over the last few 
years than the SPB. 

Finally, a quantification of the pros and cons of both methods was carried following a list of criteria. 
The CPX method turned to be the more promising one for the acoustic characterization of pavements: 
higher practicability, wider applicability (no site restriction) and coverage (network), flexibility for 
speed range, representativeness for long sections, homogeneity checks, lower time consumption and 
lower cost, resistance to change in vehicle fleet, etc. 

2.2 The relation between CPX and SPB  
Although CNOSSOS-EU is not a measurement method, the noise calculation model is supplied 

with input parameters derived from measurements. The road surface correction coefficients are 
defined as the difference in tire-road sound power emission on the surface and on a virtual reference 
surface. This virtual reference road surface corresponds to an average between Dense Asphalt 0/11 
and Stone Mastic Asphalt 0/11 road surfaces, all between 2 and 7 years old and in a representative 
maintenance condition. The octave band coefficients provided for the reference tire-road sound power 
are originated from the averaging of a large set of measured SPB noise levels during the EU FP6 
project IMAGINE. The road surface correction coefficients provided are also originated from SPB 
measurements in the Netherlands.  

The consistency of an approach purely based on CPX measurements for deriving input parameters 
in CNOSSOS-EU was investigated in the EU FP7 project ROSANNE [6]. 

In a first theoretical approach assuming a simple point source and propagation model, the relation 
between the sound pressure levels measured by CPX on two different surfaces (ΔLCPX ) and the road 
surface correction coefficient in CNOSSOS-EU ([ΔLWR]CNOSSOS-EU) was derived: 

ΔLCPX = [ΔLWR]CNOSSOS-EU + ΔACPX - ΔASPB (1)
Where ΔACPX and ΔASPB are the differences between the two surfaces of the ground attenuation 

between the point source and the microphone measuring respectively CPX and SPB noise levels. 
For reflecting road surfaces (dense surfaces), ΔACPX and ΔΑSPB are both equal to zero and therefore 

ΔLCPX and [ΔLWR]CNOSSOS-EU are fully equivalent. 
For road surfaces with porosity, there is a difference due to the difference in ground effect between 

the two measurement configurations. The simulations in the case of a typical porous pavement using 
a method described in [7] showed that the discrepancy between the two sound attenuation differences 
can be between 2 and 3 dB in the mid-frequency range (around the peak of sound absorption of the 
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porous pavement). It is illustrated in figure 1 as the difference between the two curves. It means that 
according to the simulations, a CPX noise level difference between a porous and a dense surface can 
be a few dB higher than the sound power level difference (road surface correction in CNOSSOS-EU) 
between the same road surfaces. But it is clear that, by assuming point sources, the simulations are 
probably overestimating the phenomena, in particular the interferential effect. In reality, the tire noise 
radiation is no point source when heard from a 0.20 m distance and a vehicle passing-by at 7.5 m 
distance is no stationary point source. 

 

 
Figure 1 – Sound attenuation difference over a porous road surface with respect to a reflecting surface for 

SPB and CPX positions (from [6] and [7]) 
 
The relation between CPX and SPB noise levels was further investigated on a statistical perspective 

[8]. Measured data were collected from different EU countries (Austria, Denmark, Germany, Belgium, 
UK, France) of CPX noise levels and SPB noise levels measured on the same road sections and 
pavements at approximately the same time. The analysis concluded that an average 1:1 relationship 
between CPX noise levels measured with reference tire P1 (Uniroyal SRTT Tigerpaw tire) and SPB 
noise levels from passenger cars (vehicle category m=1 in CNOSSOS-EU) can reasonably be derived, 
as long as both types of noise levels are measured at the same reference speed, yielding a 20.5 dB 
average difference between the two measured quantities and with almost 90 % of all data being within 
±1 dB around this trend line (figure 2). Considering truck tire noise at 80 km/h, the average SPB noise 
levels from multi-axle trucks on dense pavements is 9.5 dB lower than the CPX noise levels measured 
with H1 tire (Avon AV4). For two-axle trucks, the corresponding difference is 12.0 dB. 

 

 
Figure 2 – Relationship between CPXP80 (tire P1 at 80 km/h) and light vehicle pass-by Lveh at the same 
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reference speed. Grey data points are from measurements at different speed; the dashed red line is the trend 
line for these data (from [8]) 

 

 
Figure 3 – Relation between CPXH80 noise levels and SPB noise levels for multi-axle heavy vehicles at 80 

km/h (from [8]) 
 

From this analysis - based on overall noise levels - it was concluded that the CPX measurement 
method can reasonably provide road surface correction coefficients consistent with those provided 
with SPB measurements, provided that the test tire is adapted to the vehicle category (P1 for category 
m=1 and H1 for m=2 and 3) and with a reference speed that should be as close as possible to the 
average speed of the traffic for the category of vehicles. Additional experiments would be necessary 
to further validate and generalize this assumption for wider speed range and frequency range. 

2.3 Reference conditions 
2.3.1 Reference road surface 

In the harmonized calculation method, the road surface correction coefficient is defined with regard 
to a virtual reference surface. This reference corresponds to an average noise emission on a mix of 
Dense Asphalt Concrete (DAC) 0/11 and Stone Mastic Asphalt (SMA) 0/11 surfaces, all between 2 
and 7 years old and in a representative maintenance condition. 

Such surfaces have been measured with the CPX method with the two test tires P1 and H1 [9]. The 
measured data from several EU countries (Belgium, Denmark, Poland and Sweden) were collected 
and averaged. Data for DAC are for surface aged from 2 to 7 year old with an average of 4 years. 
They were measured on 9 sections with tire P1 and 3 sections with tire H1. Data for SMA surfaces are 
aged from 2 months to 8 years with an average of 3.4 years. They were measured on 42 sections with 
tire P1 and 5 sections with tire H1. 

The resulting average noise levels at 80 km/h and expressed in octave bands are shown in figure 4 
for tire P1 and figure 5 for tire H1. The corresponding average values are and listed in Table 1. 

 
Table 1 — Reference CPX octave band levels for test tires P1 and H1 at 80 km/h (in dB) 

Octave 
bands 

63 Hz 125 Hz 250 Hz 500 Hz 1000 Hz 2000 Hz 4000 Hz 8000 Hz 

LCPXPref,80 
(dB) 

-- -- 77.4 87.8 97.6 92.7 83.5 -- 

LCPXHref,80 
(dB) 

-- -- 76.7 89.4 96.9 90.3 81.1 -- 
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Figure 4 – CPX spectra measured at 80 km/h with tire P1 on DAC 0/11 (left) and SMA 0/11 (right). 

Calculated average (thick black curve) (from [6]) 
 

 
Figure 5 – CPX spectra measured at 80 km/h with tire H1 on DAC 0/11 and SMA 0/11. Calculated average 

(thick black curve) (from [6]) 
 

2.3.2 Frequency range 
In the current ISO 11819-2 standard, the CPX measurements are provided for one-third octave 

bands between 315 Hz and 4 kHz, thus covering octave bands from 500 Hz to 4 kHz. This frequency 
range is preservative with regard to possible contamination of the measurements by aerodynamic noise 
and by near field effects (car body and tire vibration). However many measurement systems are more 
immune to this contamination (due to cover) and can perform at lower and higher frequencies. 
Furthermore, in the lowest and highest frequency bands, the effect of the road surface is very low, as 
the noise emission is dominated by propulsion noise for which road surface characteristics are not 
significant. Therefore, even for the most exposed measuring devices, the reference noise levels in the 
octave band i = 250 Hz can be approximated as if the sound pressure levels measured in the third-
octave band 315 Hz is constant in the three 1/3 octave band: 

LCPXPref,80 (i=250 Hz) = LCPXP;315,80 + 10 log10(3) (2)
LCPXHref,80 (i=250 Hz) = LCPXH;315,80 + 10 log10(3) (3)

For the other extreme octave bands (i = 63 Hz, 125 Hz and 8 kHz) the road surface correction 
coefficients will be approximated to zero. The validation of such approximations still needs further 
investigation. 
 
2.3.3 Reference speed 

Regarding the reference speed, the measurements shall be made as close as possible to the reference 
speed vm (in km/h) corresponding to the average speed of the flow of vehicles of category m, as 
considered for the calculations. Usually, if local measurement data is unavailable, vm is taken as the 
maximum legal speed for the vehicle category. Different reference speed may apply for light motor 
vehicles and heavy vehicles, consequently for measurements with P1 and H1 test tires. 

When the measurements are performed at a different speed than the reference speed for the 
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calculations, the noise levels must be corrected using a β log10(v/vref) law, where β is the speed 
correction coefficient. Usually, this coefficients ranges between 25 and 35. The statistical analysis of 
the French database of SPB measurements showed that there is no correlation between the speed 
coefficient and the surface age, the reference speed, the traffic intensity, etc. The following average 
slopes were found [8]: 

• For light vehicles: β = 28 on porous and semi-porous (211 data), 30 on dense pavement (258 
data). 

• For heavy trucks: β = 28 for porous (71 data), 30 for semi-porous (37 data) and 27 for dense 
pavement (156 data). 

By taking a coefficient of 30 is a reasonable approximation when the nature of the road surface is 
unknown. The effect of the coefficient on the calculation of the road surface correction coefficient is 
illustrated in figure 6. The highest predicted error by taking a speed coefficient of 30 instead of 25 (or 
35) is estimated at 1.5 dB at 40 km/h. 

 

 
Figure 6 – Effect of the speed coefficient on the correction as a function of speed 

 
Alternatively, speed coefficients provided in CNOSSOS-EU (βm) can be used when the nature of 

the road surface is known. 
 

3. A TWO WAY APPROACH FOR NOISE MAPPING 
Two ways of implementing the acoustic characterization procedure for the purpose of noise 

mapping have been identified. The first approach is a direct measurement of the road surface 
corrections on an existing network. The second approach is a measurement of spectral coefficients on 
specific types of road surfaces to be stored and used as later stage for the calculation of road traffic 
noise emission. They are described in the following sections. 

3.1 Direct determination of the road surface corrections on a road network 
3.1.1 Proposed measuring procedure 

The first approach consists in a direct measurement of the road surface corrections on an existing 
network (acoustic “snapshot”). It provides a rapid and up to date evaluation of the road surface 
correction term on a specific network, without considering the nature of the surface. The use of CPX 
method instead of pass-by method makes it possible to perform the evaluation of an entire network in 
a reasonable time frame 

The measuring procedure is typical of a “monitoring” routine for the acoustic performance of road 
surfaces, aiming at understanding how a surface degrades acoustically over its working lifetime and 
informing surface maintenance/replacement strategies. In this procedure, a single measurement run 
may be satisfying the needs of the network provider as well as stated accuracy requirements. The 
specificity in the present case of measuring road surface correction coefficients is the imperative need 
for octave band noise levels. 
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The road surface corrections can be measured directly on site, on segments or sections of an 
existing network compatible with the road sections used for the calculation of source line emission in 
CNOSSOS-EU, and without any consideration of the nature of the surface.  

Measurements with test tire P1 will be used for evaluating the road surface correction for light 
motor vehicles (category m=1 in CNOSSOS-EU). Measurements with test tire H1 will be used for 
evaluating the road surface correction for medium heavy vehicles (category m=2 in CNOSSOS-EU) 
and heavy vehicles (m=3 in CNOSSOS-EU). 

CPX noise levels are expressed at the reference speed vm in octave bands, preferably from 63 Hz 
to 8 kHz, in any case at least from 500 Hz to 4 kHz. 

 
3.1.2 Processing of measurement results 

For each road segments, the output of the measurements is a set of LCPXP;i;v1 and LCPXH;i;v2 , where: 
i is the index of octave bands, 
v1=vm for m=1 and v2=vm for m=2 or 3. 
LCPXP;i;v1 is the CPX noise level in octave band i, measured with tyre P at the speed v1 (in km/h), 
LCPXH;i;v2 is the CPX noise level in octave band i, measured with tyre H at the speed v2 (in km/h). 
 
For each octave bands i, the road surface correction can be expressed by:  

LWR,road,i,1 = LCPXP;i;v1 - LCPXPref;80 - 30 log10(v1/80)  for m=1 (4) 

LWR,road,i,2 = LWR,road,i,3 = LCPXH;i;v2 - LCPXHref;80 - 30 log10(v2/80) for m=2 and m=3 (5) 
where LCPXPref;i;80 and LCPXHref;i;80 are the reference levels specified in Table 1. 
 
In these formulas, a speed coefficient (i.e. the slope of the variation of noise level relative to the 

logarithm of the speed) of 30 is assumed (see section 2.3.3). 
In the case where CPX levels can’t be measured for the octave bands i = 63 Hz, 125 Hz and 8 kHz, 

the road surface correction can be approximated to zero: 
LWR,road,i,1 = 0  for m=1, 2 or 3 (6) 

 

3.2 The collection of reference input data 
3.2.1 Proposed measuring procedure 

The second approach consists in collecting reference data on specific types of road surfaces, to be 
stored in a database and used at later stage for the calculation of strategic noise maps. In the Directive 
2015/996/EC [1], the road surface correction coefficients ΔLWR,road can be calculated from input data 
αi,m and βm representing respectively the spectral corrections in octave bands and the overall speed 
effect, for a vehicle category m: 

 (7) 

It is possible to supplement or update the available data base by using the procedure for 
characterizing the acoustic properties of a road surface type (procedure for acoustic labelling of road 
surfaces), with some specificities mentioned hereafter. 

Because the measurements aims at evaluating a specific pavement type, a minimum number of five 
test sections shall be selected and tested to determine the acoustic parameters representative of the 
whole type. The test sections should be representative of the lifetime of the road surface type, 
assuming proper maintenance. Some of the sections may present some discontinuities due to ageing. 
The selected sections will only show discontinuities related to the pavement condition, with the 
exclusion of exceptional or specific discontinuities such as repairs, paintings, bumps, manholes, etc. 
The length of each test section shall be a minimum of 200 m without interruption of the road surface; 
ideally the length shall be 500 m or longer.  

The CPX measurements shall be performed at least three times (meaning one measurement and 
two repetitions) on each test section for each reference tire and for each applicable reference speed. 

Measurements with test tire P1 will be used for evaluating the input data for light motor vehicles 
(category m=1) and measurements with test tire H1 will be used for medium heavy vehicles (category 
m=2) and heavy vehicles (m=3). 

In order to enable the determination of speed coefficients, measurements shall be performed at 
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different reference speeds – at least two - at which the surface is expected to be used, and with a total 
range of at least 30 km/h. One of the measurement speeds shall be the reference speed of the Directive 
2015/996/EC [1]: vrefCNOSSOS-EU = 70 km/h. 

For each section, CPX noise levels for each tire configuration are expressed at the reference speed 
vrefCNOSSOS-EU in octave bands, from 63 Hz to 8 kHz, or in any case at least from 500 Hz to 4 kHz. 

Finally, for each road segments, the output of the measurements is a set of CPX noise levels 
L(CPXP;i;vrefCNOSSOS-EU and LCPXH;i;vrefCNOSSOS-EU, measured with tire P1 (respectively H1) in octave band 
i, at the speed vrefCNOSSOS-EU = 70 km/h. 

 
3.2.6 Determination of coefficients αi,m and β m

For each octave bands i, the spectral coefficients αi,m are expressed by:  
i,1 = LCPXP;i;vrefCNOSSOS-EU - LCPXPref;80 - 30 log10(70/80)  for m=1 (8) 

i,m = LCPXH;i;vrefCNOSSOS-EU - LCPXHref;80 -30 log10(70/80) for m=2 and m=3 (9) 
LCPXPref;i;80 and LCPXHref;i;80 are the reference levels specified in Table 1 
 
For the determination of the speed coefficient βm, a linear regression of the overall CPX levels 

obtained versus log10(v/vrefCNOSSOS-EU) must be performed and the slope sm of this regression calculated. 
Then for each vehicle category m, the speed coefficient βm is expressed by: 

βm = sm - 30 (10) 
The factors “30” in equations (8), (9) and (10) result from the speed correction approximation 

discussed in 2.3.3. The estimated error is however small between 70 and 80 km/h as it can be 
visualized in figure 6. 

4. CONCLUSIONS 
The paper has presented how a measurement procedure for the acoustic characterization of road 

surfaces based on CPX measurements could be used for deriving road surface correction coefficients 
to be used for road traffic noise calculations as required by the European Directive 2015/996/EC. The 
theoretical principles and the supporting data were presented and show that a consistent and multi-
purpose procedure can be established. Some approximations were necessary and still need 
experimental validation. The established procedure is now sufficiently finalized to be tested on real 
cases in the future.  
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ABSTRACT 

One of the most important environmental issues in densely populated areas is the problem of noise. Traffic 

noise from cars, railway vehicles and airports located in close proximity to the city is not only annoying for 

residents; it also leads to serious health issues and has an enormous negative economic impact. In 2002, to 

improve the noise situation in Europe, the EU issued the Environmental Noise Directive (2002/49/EC). The 

aim of the Directive is to reduce environmental noise and to prevent an increase in noise in areas which are 

traditionally quiet. For this purpose, noise calculations are conducted for major roads, major railway lines, 

and various major airports with a high volume of traffic as well as large agglomerations. Until 2018, for this 

task a national interim method has been used. In 2019, it is replaced by a new calculation procedure, because 

the European Commission has developed „Common Noise Assessment Methods in Europe, CNOSSOS-EU”. 

These methods have been implemented in Annex II to Directive 2002/49/EC in 2015. The transposition of 

this calculation procedure into German law will be explained in detail. 

 

Keywords: CNOSSOS-EU, Noise, German law 

1. INTRODUCTION 

Environmental noise is an important issue causing one of the most common public compla ints in 

Germany and within the EU. The German Environment Agency regularly conducts representative 

surveys to assess the impact of noise in Germany. According to the survey carried out in 2016, around 

76 % of those interviewed complained of being disturbed or annoyed by road traffic in the vicinity of 

their homes [1]. Noise is not only annoying for residents; it also influences physical health: noise 

activates the hormone system and the autonomic nervous system. As a result, blood pressure and 

heart rate may change, thus affecting metabolism and its regulation. Biological risk factors such 

as blood sugar or blood clotting can change and lead to arteriosclerosis and hypertension or even 

heart attack. The risk of illness grows with increasing noise exposure. Due to this, it is of primary 

importance for city planners, engineers and politicians to make our cities quieter. For the assessment 

of a noise situation, different methods are applied in Germany.  

2. TRANSPOSITION OF CNOSSOS-EU IN GERMANY 

2.1 General approach 

The European Environmental Noise Directive (2002/49/EC) requires the development of noise 

maps and action plans for traffic noise sources as well as noise from industry by the member states 

[2]. In Germany, this involves 70 agglomerations with around 24 million inhabitants, 49,000 km of 

motorways and major trunk roads, 14,000 km of major railway lines and all eleven major airports. For 

this task interim noise calculation procedures has been used so far in Germany because there was no 

harmonized European method available. This situation has changed with the introduction of common 

noise assessment methods pursuant to Article 6 of the Environmental Noise Directive by the European 

Commission in 2015. These methods have been implemented in Annex II to Directive 2002/49/EC [3]. 
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The methods comprise detailed noise calculation procedures for road traffic, railway traffic and air 

traffic as well as industry. For the application of CNOSSOS-EU in Germany, a transposition into 

national law was necessary.  

The objective of the German Government is to improve the quality of noise maps and the 

comparability of results throughout Europe and create a solid basis for future policy on the 

management of environmental noise. Therefore, the methods should be designed in such a way that 

they can be easily applied in practice. Moreover, a comprehensive and systematic quality assurance 

for the calculation process is needed. To reach these goals, the following steps were carried out for 

each noise calculation procedure: 

• Checking calculation formulas and parameters 

• Closing of interpretation gaps 

• Investigation of availability and quality of input data 

• Definition of national default data 

• Development of test cases and reference results for each noise source 

• Definition of standardized import/export formats for software products. 

 

For this purpose, the German Environment Agency has commissioned a research project to a 

consortium under the leadership of the German company Wölfel Engineering. In this project, 

interpretation gaps concerning the noise calculation procedures were investigated and closed. 

Furthermore, a test procedure for the implementation the CNOSSOS-EU noise algorithm into software 

was developed by the contractor. In the following this process will be explained at the example of the 

aircraft noise calculation. 

 

2.2 Example aircraft noise calculation 

For aircraft noise a procedure is described in CNOSSOS-EU which is based on a method contained 

in the 3rd edition of document 29 of the European Civil Aviation Conference (ECAC). It divides the 

three-dimensional flight path into appropriate segments of length. This segmentation procedure 

consists of two steps. The first step is an arc-segmentation of the flight route in the horizontal plane 

which is combined with a segmentation of the height profile in the vertical plane. Then the segments 

will be further subdivided based on acoustic and geometric criteria. This process leads to numerous 

segments which describe take-off, airborne and approach phase of the aircraft. For the noise 

calculation CNOSSOS-EU uses an “Aircraft Noise and Performance Database (ANP)” which contains 

many civil aircraft. For these aircraft, engine performance coefficients and Noise-Power-Distance 

(NPD) data are given. The NPD data are an essential acoustic element of CNOSSOS-EU. They consist 

of maximum and time integrated weighted sound pressure levels as a function of distance for different 

engine power settings. 

For the description of height profile, two different types are used. Standard operational parameters 

define fixed-point profiles. These parameters are altitude, flight speed and engine thrust of the aircraft. 

The second type are procedural profiles which depend on actual aircraft mass, take-off or landing 

procedures and meteorological conditions. The aerodynamic and performance parameters are listed in 

the ANP database.  

A detailed analysis of the CNOSSOS-EU aircraft noise algorithm showed that additional produces 

and data are necessary to describe the operational situation at German airports. For instance, the 

algorithm does not consider traffic circuits. However, traffic circuits are conducted at several airports 

in Germany. Consequently, an algorithm for traffic circuits is implemented in the German 

transposition of CNOSSOS-EU. Moreover, fix point profiles for most aircraft types operating at 

German airports are also added. Furthermore, the instructions on the acquisition of flight operational 

data described in CNOSSOS-EU are substantially extended. This aircraft noise calculation procedure 

is called “Calculation Method for Environmental Noise of Airports, BUF”. This set of rules consists 

of instructions on the data acquisition at airports and the calculation algorithm with an associ ated 

database. The instructions on the data acquisition contain elements and procedures that have proven 

to be useful for the establishment of noise protection areas according to the German Act on Protection 

against Aircraft Noise [4].  

To ensure that the CNOSSOS-EU algorithm is correctly implemented in noise calculation soft -

ware, a test case was developed which comprises five typical flight operational situations. The 

situations are combined with three different aircraft types so that a total of 15 varian ts is considered. 
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Since no reference results are available, the results of three different software packages are compared. 

If these results are within a margin of 0.1 dB, it is assumed that the CNOSSOS-EU algorithms are 

implemented correctly. In addition to the test case a standardized interface for data exchange 

according to the German standard DIN 45687 [5] was developed. 

 

3. CONCLUSIONS 

According to the EU Environmental Noise Directive environmental noise pollution is determined 

across Europe. For ensuring comparability of noise maps, a coherent and practical set of parameters 

is required. Therefore, national default input data is added, e.g. for trams and flight profiles for aircraft.  

Within the framework of the transposition of CNOSSOS-EU in Germany several issues are clarified 

and interpretation gaps concerning the calculation algorithm are closed. For instance, the 

determination of the number of schools and hospitals. The software implementation of the noise 

calculation method has to be quality assured. For this purpose, test cases are developed and a 

standardized interface for data exchange is defined. These modifications enable a consistent and 

practical calculation of environmental noise. The implementation of CNOSSOS-EU in Germany [6] 

therefore meets the requirements of the Environmental Noise Directive and fits the purpose of noise 

mapping. 
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ABSTRACT 
The European Directive 2015/996 describes the common methods (CNOSSOS-EU) for the determination 
and management of environmental noise at European level, providing guidelines for a harmonized approach 
for Member States. CNOSSOS-EU includes different emission data for road, railway and industrial noise 
and provides a common model for sound propagation. The emission model was derived to be valid under 
reference conditions in terms of meteorology and traffic as detailed in the reference report by the Joint 
Research Centre (JRC) of the European Commission. In order to take into account situations that differ from 
the reference one, appropriate corrections were also offered. For a correct application on a local scale, the 
default values suggested by CNOSSOS-EU are required to be redefined in order to more adequately describe 
the Italian reality (i.e. car fleet, surfaces, climate conditions, etc.). Regional Agency for Environmental 
Protection of Tuscany (ARPAT) carried out specific measurements campaigns to acquire data useful to 
validate the methods for Italian conditions. Regression coefficients used in the emission model, were 
recalculated from campaigns in different sites carefully chosen to resemble the reference conditions. 
 
Keywords: emission, database, CNOSSOS 

1. INTRODUCTION 
Directive 2015/996 (1) describes the common methods for determination and assessment of 

environmental noise at European level, providing guidelines for a harmonized approach of the 
Member States in order to identify priorities for action planning (aimed to reduce or avoid exposure 
to harmful noise levels) and by the European Commission (EC) to assess the number of people 
exposed to noise and to inform the general public about it.  

These methods called "CNOSSOS" include separate calculation approaches for the emission of 
road, rail and industrial sources. Differently there is a common model for the propagation from the 
source to the environment. For aircraft noise, a separate emission and propagation model is defined, 
based on the ECAC Doc 29 requirements. 

Particularly, for the noise produced by road infrastructures, the European intervention policies 
include, first and foremost, the progressive reduction of sound emission levels generated by vehicles 
and the interaction of tyres with road paving, therefore the intervention on the source is prioritized at 
the moment of the rehabilitation interventions. 

The emission model was obtained from experimental measurements based on data sets of 4 – 10 
years old in the framework of the IMAGINE – Harmonoise project (2). As a result, a set of sound 
power coefficients were obtained by means of regression analysis. 

However, in the last years either the car fleet as the engineering technologies on pavement surfaces 
have evolved, therefore the coefficients proposed may have become obsolete. For a correct application 
on a local scale, the default values suggested by CNOSSOS-EU are required to be redefined in order 
to more adequately describe the Italian reality. 

                                                        
1* gonzalo.deleon@df.unipi.it 
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2. CNOSSOS-EU 

2.1 Emission Model 
The sound power is calculated separately for the rolling noise generated by the interaction between 

the tire and the road	𝐿#$	%,	', and for the propulsion noise	𝐿#(	%,	'	generated by the exhaust, engine, 
change of gear, etc. 

𝐿#$	%,	' = 𝐴$,%,' + 𝐵$,%,'⋅	𝑙𝑜𝑔
𝑣'
𝑣23%

+ 	∆𝐿5$,%,'(𝑣')	 (1) 

𝐿#(	%,	' = 𝐴8,%,' + 𝐵(,%,'⋅
𝑣' −	𝑣23%

𝑣23%
+ 	∆𝐿5(,%,'(𝑣')	 (2) 

Where the	𝑣23%	is set at 70 km/h and the coefficients	𝐴$,%,'	and	𝐴8,%,'	automatically assumes the 
meaning of average sound power level at the reference speed for the vehicle category in consideration, 
while the coefficients 	𝐵$,%,'	 and 	𝐵8,%,'	 determine the speed dependence. ∆𝐿5$,%,'	 and 
∆𝐿5(,%,'	correspond to the sum of the correction coefficients to be applied to the noise emission for 
specific conditions of the road or vehicle that deviate from the reference one.  

CNOSSOS (3) provides four main categories of vehicles regarding their characteristics of noise 
emission. For the calculation of noise propagation and for the determination of sound power emission, 
it is necessary to describe the source with one or several point sources. In this method, each vehicle 
(category 1, 2 and 3) is represented by one single point source. As depicted in Figure 1, this point 
source is placed 0.05 m above the road surface 

 
Figure 1 – Location of equivalent point source 

 
The source equations and coefficients are derived to be valid under reference conditions in terms 

of meteorology and traffic.  

2.2 Sound Power Coefficients 
The sound power coefficients	𝐴$,	𝐴(,	𝐵$	and	𝐵(	for Eq. 1 and 2 have been obtained in the project 

IMAGINE (2). The distribution between rolling and propulsion contribution, was obtained by 
different measurement systems, i.e. on-board, coast-by or pass-by on test tracks and then calibrated 
using roadside pass-by measurements performed in different areas in the EU. 

The IMAGINE model used a different source height composition: 
• One source at 0.01 m height, to which 80% of the rolling noise and 20% of the propulsion 

noise was attributed. 
• One source at 0.30 m height, for light motor vehicles and powered two-wheelers, or 0.75 m 

height for (medium) heavy vehicles, to which 20% of the rolling noise and 80% of the 
propulsion noise was attributed. 

2.3 Free Field Propagation Model 
The noise propagation model proposes the following equations concerning the different types of 

attenuation. The attenuation due to geometrical divergence,	𝐴𝑑𝑖𝑣	corresponds to a reduction in the 
sound level due the propagation distance: 

𝐴<=> = 20⋅	𝑙𝑜𝑔	 𝑑 	+ 	11	 (3) 
where	𝑑	is the distance in meters between the equivalent source and the receiver. This equation regards 
to a point source in free field, with spherical divergence. 

For the attenuation factor due to the absorption of the ground the following formulation have been 
proposed in the guidelines: 
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𝐴B2CDE< = 	𝑚𝑎𝑥 −10	 · 	𝑙𝑜𝑔	 4
𝑘L

𝑑8L
	 𝑧NL 	− 	

2	𝐶%
𝑘
	𝑧N + 	

𝐶%
𝑘

𝑧2L 	− 	
2	𝐶%
𝑘
	𝑧2 + 	

𝐶%
𝑘

, −3(1 − 𝐺R8STU) 	 (4) 

Recently, the Netherlands National Institute for Public Health and the Environment (RIVM) have 
published a series of amendments for the CNOSSOS-EU (4). Among them, a correction in the 
𝐴B2CDE<	formula was provided and new sound power coefficients suggested. For the 	𝐴𝑔𝑟𝑜𝑢𝑛𝑑	 the 
boundaries established by the term	−3(1 − 𝐺R8STU)	in Eq. 4 was replaced by	𝑅	in the Eq. 8  

𝐴B2CDE< = 10⋅	𝑙𝑜𝑔	 10Z([\,]^[\,_)/La + 10Z[b/ca 	 (5) 

𝐴d = 20 − 3⋅ 	log
𝑓

1000
− 10⋅ 	log

𝑑8
100

	 (6) 

𝐴i = 20⋅𝑙𝑜𝑔 1 + 𝐶𝑅 	 (7) 

𝑅 = min	(max 𝑅%, 𝑅'=E 	= −0.9 , 𝑅'Sq = 	0.4) (8) 
Further studies proposed a simplification of the	𝐴B2CDE<	formula based on the coherent addition of 

the direct and reflected sound waves (5). 

𝐴B2CDE< = −20⋅𝑙𝑜𝑔 1 +
𝑅c
𝑅L
⋅cos(k⋅(𝑅c-𝑅L)) 	 (9) 

where	𝑅c	and	𝑅L	are the direct and reflected distances in meters. For further details, refer to (6), the 
official document of the method (3), and their amendments (4).  

2.4 Transfer Function 
In order to estimate the sound power levels from roadside measurements a proper transfer function 

was needed. In general, if the sound pressure is acquired for a single event, the associated sound power 
must be integrated along the time period	𝑇	when the sound source pass-by is measured. 

𝑆𝐸𝐿8SNNZyz = 10 · log 10{|(T) ca
TL

Tc

𝑑𝑡	 (10) 

𝐿8(𝑡) = 	10 · 𝑙𝑜𝑔ca
𝑊
𝑊C

	+ 10 · 𝑙𝑜𝑔ca
1

4𝜋𝑟(𝑡)L
+	 10 · 𝑙𝑜𝑔ca 𝐷𝐼 + 10 · 𝑙𝑜𝑔ca 𝜌C	𝑐	

𝑊C
𝑝CL

− 𝐴B2CDE<(𝑡)		 (11) 

Considering that at	𝜏 = 15	°𝐶	and considering	𝜌C = 1.225	𝑘𝑔/𝑚�,	𝑐 = 340.5	𝑚/𝑠, then the terms 
𝜌C	𝑐	

5�
8��

≈ 1	and	10 · 𝑙𝑜𝑔ca
c
��

≈ 	−11.  
Finally: 

𝑆𝐸𝐿8SNNZyz = 10 · 𝑙𝑜𝑔ca 10
{�^ca·�CB

c
2� T ^ca·�CB d� ZccZ𝐴𝑔𝑟𝑜𝑢𝑛𝑑(T) ca

· 𝑑𝑡
TL

Tc
 (12) 

3. Methodology 
Several sites were chosen with the premise to be sufficiently close to the source in order to carry 

out roadside Statistical Pass-By measurements (7), from now on called "SPB". Whenever it was 
possible the microphone was located at a distance equal to 7.5m from the road centreline and 4m 
height. Figure 2 shows the optimal set-up. 

The SPB method is based on energy measurements associated with the passage of a single vehicle 
on a significant statistical sample. For each single event the time history of the levels, the spectrum 
in octave bands, the speed, the direction of travel and the distance between the axes, are acquired. 

From an operational point of view, for each single passage and for each octave band, the single 
event level	(𝐿[�), from now on called	(𝑆𝐸𝐿), was acquired on the entire time interval in which the 
signal exceeded the value of		𝐿'Sq − 10𝑑𝐵. For simplicity at the time of identifying the events, night-
time measurements were analysed, where the vehicular flow was lower and the single events spaced 
over time. 

For the classification of vehicle categories and the	𝑣23%, a statistical approach was used on the 
distribution of distances between the measured axes and the speed distribution. 

Regarding the weather data, the measurements days with rain and/or excessive wind (over 5 m/s), 
that could have influenced the results, were discarded. 
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For each experimental set-up and for each single event the different transfer functions were solved 
in order to obtain the sound power level at different heights from the	𝑆𝐸𝐿	measurement. The obtained 
values were corrected for temperature. 

Once the events were identified, classified by category, and the sound power levels calculated, a 
technique called 	“	𝜒L − 𝑏𝑖𝑛𝑛𝑒𝑑	𝑓𝑖𝑡”	was used. Based on this procedure, the data was grouped into 
classes according to particular algorithms and each class was represented by a central value and an 
uncertainty associated, according to the distribution of data within each class (8). 

Finally, the power levels were distributed proportionally in rolling noise and propulsion with two 
different approaches based on the quantity of the equivalent sources and their heights. 

 
Figure 2 – Experimental set-up 

4. Results 

4.1 Transfer Functions 
Following the above mentioned methodology, the critical aspect in this study was the resolution 

of the Transfer Function (from now on called	𝑇𝐹). Recalling the Eq. 12 

𝑆𝐸𝐿8SNNZyz = 10 · 𝑙𝑜𝑔ca 10
{�^ca·�CB

c
2� T ^ca·�CB d� ZccZ𝐴𝑔𝑟𝑜𝑢𝑛𝑑(T) ca

· 𝑑𝑡
TL

Tc
 (13) 

For simplicity’s sake the	𝐷𝑖𝑟𝑒𝑐𝑡𝑖𝑣𝑖𝑡𝑦	𝐼𝑛𝑑𝑒𝑥	 𝐷𝐼 	was assumed constant	𝐷𝐼 = 1,	congruent with the 
hypothesis for an omnidirectional point source. For each single vehicle moving along the line in front 
of the microphone with a constant speed, the position	𝑥c	at the instant	𝑡c	and	𝑥L	at	𝑡L	are known. This 
allowed to introduce a change of variable. 

𝑥L − 	𝑥c = 𝑥 = 	𝑣𝑇 (14) 

𝑑𝑥	 = 	𝑣𝑑𝑡 (15) 

𝑟L(𝑡) 	= 	 𝑟CL + 𝑥L  (16) 
being	𝑟C	the minimum distance between the source line and the microphone. 

𝑆𝐸𝐿8SNNZyz = 𝐿5 + 10 · log
1
𝑣

10 Zca·��� 2��^q� Zcc	Z𝐴𝑔𝑟𝑜𝑢𝑛𝑑(2��^q�) /ca · 	𝑑𝑥	
	q�

	q�
 (17) 

As detailed before three different formulations to consider the ground attenuation	A��� ¡¢	were 
studied, obtaining three different	𝑇𝐹	for each source height (0.01, 0.05, 0.3 and 0.75 m) with a fixed 
4 m height receiver. Figure 3, Figure 4 and Figure 5 shows the	𝑇𝐹	in 1/1-octave bands, at 70 km/h and 
for a view angle of 160°. 

 
Figure 3 –Transfer Function using Eq. 4 for the 𝐴B2CDE<  
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Figure 4 –Transfer Function using Eq. 5 for the 𝐴B2CDE<  

 
Figure 5 –Transfer Function using Eq. 9 for the 𝐴B2CDE<  

4.2 Sound Power Coefficients 
Following the proposed work flow, once the	𝑇𝐹	were obtained, the	“𝜒L − 𝑏𝑖𝑛𝑛𝑒𝑑	𝑓𝑖𝑡”	technique 

was applied. This procedure lies on a poissionan approach for the estimation of the uncertainty based 
on the count inside each bin, but this is useful when the number of occurrences is small. This is the 
typical case of the edge bins. Finally, the distribution of the sound power levels into rolling and 
propulsion components was carried out. Two different approaches were studied: 

The first one consisted to use the source height composition as proposed in IMAGINE (2), for this 
approach the three transfer functions with the coherent addition of the direct and reflected 
rays	𝑇𝐹a.ac,	𝑇𝐹a.�a	and	𝑇𝐹a.£¤	were used to calculate the correspondent sound power levels, then the 
contributions were added as explained in 2.2. 

The 2nd approach consisted to calculate the sound power levels at 0.05 m with the 	𝑇𝐹a.a¤ 
assuming that the sound power of the source includes the possible effects of reflection on the surface 
immediately below the real source and in a specific direction in space, then the distribution into rolling 
and propulsion noise as proposed in CNOSSOS was carried out. 

Figure 6, Figure 7 and Figure 8 shows the results for rolling, propulsion and total sound power 
levels for each category. In each graphic are plotted, the sound power levels obtained with the 1st 
approach called with the label “TFcoherence, the sound power levels obtained with the 2nd approach and 
using the Eq. 5 called with the label “TFAmendments”, the sound power levels obtained with the 2nd 
approach and using the Eq. 4 called with the label “TFCNOSSOS”, the sound power levels suggested by 
CNOSSOS with an extra 3 dB addition with the label “CNOSSOS Original Coeff +3 dB” and the 
sound power levels suggested by the new amendments with the label “CNOSSOS Amendments 
Coeff”. 

 

 
Figure 6–Rolling, propulsion and total sound power levels for category 1 
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Figure 7–Rolling, propulsion and total sound power levels for category 2 

 
Figure 8–Rolling, propulsion and total sound power levels for category 3 

 
The final coefficients for each category in 1/1-octave band obtained with the “TFAmendments” and 

the 2nd approach are presented in Table 1, Table 2 and Table 3. 
 

Table 1 – Coefficients for category 1 

 63 Hz 125 Hz 250 Hz 500 Hz 1000 Hz 2000 Hz 4000 Hz 8000 Hz 

AR 85.1 86.8 88.6 94.5 101.2 96.4 84.6 74.9 

BR 40.3 42.3 32 26.5 35 39.6 41.8 44.2 

AP 99.7 90.3 92.2 89.9 88.1 89.4 83.7 76.5 

BP 3.2 8 5.4 9.3 8.8 8.8 9.1 9.9 

Table 2 – Coefficients for category 2 

 63 Hz 125 Hz 250 Hz 500 Hz 1000 Hz 2000 Hz 4000 Hz 8000 Hz 

AR 91.4 97.8 99.3 98.0 96.9 86.2 78.3 73.5 

BR 57.4 53.7 46.6 35.1 44.6 44.8 42.2 45.5 

AP 108.2 105.6 106.5 98.1 98.1 90.4 83.3 75.8 

BP 9.0 10.8 10.4 10.2 11.9 9.6 7.7 8.0 

Table 3 – Coefficients for category 3 

 63 Hz 125 Hz 250 Hz 500 Hz 1000 Hz 2000 Hz 4000 Hz 8000 Hz 

AR 94.1 93.8 97.3 104.2 103.8 96.1 88.2 84.3 

BR 49.8 30.4 9.7 30.4 38.7 34.5 28.8 31.3 

AP 111.9 102.9 105.2 104.5 103 97.8 92.4 87.2 

BP 12.2 4.2 -3.9 7 8.3 3.5 1.2 0.9 
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5. Discussions 

5.1 Sound Power Coefficients 
It has been shown in several studies that CNOSSOS-EU gives an underestimation of the noise 

levels up to 3 dB, this is explained because the source power coefficients were derived in the 
IMAGINE project with a different source composition as explained in 2.2. The problem lies in the 
fact that the propagation model was switched, and the equivalent source changed from to two to one. 
The CNOSSOS model adopts equivalents point sources being all mutually incoherent, while in the 
IMAGINE project coherent addition of the sources was assumed. In CNOSSOS the phrase "The sound 
power of the source includes the possible effects of reflection on the surface immediately below the 
real source and in a specific direction in space", implies that the presence of the reflective surface 
leads to a doubling of sound energy and an increase of the sound power of 3 dB. 

For category 1 is known that at higher speeds, over 50 km/h, the contribution of noise is mostly a 
consequence of the tyre/road interaction and the aerodynamic noise, both considered in the rolling 
noise. This effect is consistent with the distribution assumed for light vehicles in the 2nd approach. 
When using the 1st approach for this category, the ground effects originated from the interference 
between direct and reflected path are strongly affected by the composition and variation in source 
height. For the propulsion noise it was considered a contribution of the 80% from the source at 0.30 
m and 20% from the source at 0.01m. It can be observed in Figure 5 that there is a 7 dB difference 
between the the two sources in the frequency range between 500 and 2000 Hz, this produced an 
overestimation on the propulsion and the total sound power levels. Regarding the new formulation to 
take into account the grounds effects a slightly difference can be appreciated in the propulsion 
contribution, however as explained before the mainly contribution in this category comes from rolling 
noise. 

For category 2 the methodology for classification exposed an important issue, a mixture between 
vehicles from category 1, 2 and 3. A deeper analysis showed two main clusters, the one with the lower 
slope after the	“𝜒L − 𝑏𝑖𝑛𝑛𝑒𝑑	𝑓𝑖𝑡”	was chosen. It can be seen that the propulsion noise is predominant 
specially for low speeds. Considering that the speed range from the analysis is from 60 to 100 km/h, 
the proposed coefficients differ consistently in cases outside this range. Regarding the new 
amendments formulation, the results show a similar slope to the one obtained taking into account the 
coherence between direct and reflected waves.  

For the category 3, the 2nd approach assume a predominant influence of the propulsion noise on 
the lower speed range and an inversion at the higher ones. Regarding the 1st approach, the source 
composition was assumed with the higher source at 0.75 m. As mentioned before this upper source 
have a bigger impact but at this particular height the peak is shifted to the lowers frequencies. It is 
important to highlight that higher sound power levels were expected, instead the results obtained for 
heavy vehicles were slightly lower than the ones proposed in the amendments. Again the range in 
speed is limited to 60 to 95 km/h.  

Finally, we can appreciate that the results obtained with the 2nd approach for light and heavy 
vehicles are similar to the ones calculated with the original values with an addition of +3 dB.  

5.2 Ground Attenuation 
The latest amendments proposed a modification to the ground attenuation factor. In Figure 3 and 

Figure 4 the difference on the Transfer Function using one or another formulation can be observed, 
but these TF are a result of an integration along the distance travelled when the pass-by vehicle is 
measured, therefore the differences don’t stand out. Remembering that the propagation model works 
on a point to point basis, Figure 9 is presented in order to elucidate the distinction between the new 
and the old formulation. The figures represent the ground attenuation factor as a function of the 
distance and frequency. It can be appreciated that the inferior boundary is represented by a flat surface. 
In the original formulation this surface was wider in the frequency range, up to 1000 Hz, and also in 
distance up to 40 m. Furthermore, in the new amendments the limit was reduced only to the lower 
bands, up to 125 Hz. Another observation is that peak was reduced in intensity and shifted in 
frequency, where in the original formulation the peak was up to 16 dB now is reduced at almost 8 db. 
Lastly, the ground effect is now wider than before affecting the whole frequency spectrum. 
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Figure 9–Attenuation Ground as a function of distance and frequency with Eq. 5 (left) and Eq. 4 (right)  

6. Conclusions 
Directive 2015/996 describes the common methods for determine and assess environmental noise 

at European level, providing guidelines for a harmonized approach of the Member States. These 
procedures called "CNOSSOS" include separate calculation methods for the emission and the 
propagation. 

The emission model was obtained from experimental measurements based on data sets from 
IMAGINE project. As a result, a set of sound power coefficients were obtained by means of regression 
analysis. In this framework, the source composition was different, but in CNOSSOS the propagation 
model was switched, and the equivalent source changed from to two to one. This mismatch between 
the emission and the propagation model led to an underestimation of the noise levels up to 3 db. 

For a correct application on a local scale, the default values suggested by CNOSSOS-EU are 
required to be redefined. A special methodology to derive the sound emission coefficients from 
regression analysis from the measurements was carried out. This methodology consisted to calculate 
the correspondent Transfer Function for each vehicle pass-by and then perform a	“𝜒L − 𝑏𝑖𝑛𝑛𝑒𝑑	𝑓𝑖𝑡”. 

The sound power levels were obtained using three different Transfer Functions considering the 
influence of the ground effect in different ways. Then the sound power levels were distributed to 
rolling and propulsion noise proportionally. Final results for category 1 and 3, using the “TFAmendments” 
presented a similar trend to the original coefficients suggested with a difference of +3 dB. 
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Abstract
The CNOSSOS-EU prediction method, mandatory since 2019 for noise mapping in compliance with the Euro-
pean Noise Directive, specifies the road vehicle noise equations to be used per vehicle category. French noise
emission data differ significantly from the European model and a national decree was published in June 2018
to provide CNOSSOS corrective coefficients in accordance with the national NMPB2008 model. However, the
European semi-heavy vehicle category is non-existent in both French emission model and databases, thus lack-
ing to support the proposed coefficients at this stage. To provide missing information, detailed measurements
under controlled conditions have been performed on a sample group of semi-heavy vehicles. The contribution
of propulsion noise and rolling noise were separated and average emission equations were proposed by sub-
category. For two traffic composition scenarios, mainly differing by the ratio of public transport vehicles, a
noise emission model has been proposed to represent an average medium-heavy vehicle. The paper presents
the approach and the models obtained. The representativeness of the European prediction model in its initial
version published in 2015, in its French adaptation of June 2018 and in two further versions, is considered for
both scenarios. Comparisons of frequency characteristics are emphasized.

Keywords: noise emission, trucks, CNOSSOS

1 INTRODUCTION
European Directive 2002/49/EC of 25 June 2002 on the evaluation and management of the environmental noise

[1] requires Member States to produce noise maps assessing exposure to environmental noise, particularly in

large urban areas and around major roads. It was completed in May 2015 by Directive 2015/996 [2] specifying

a common assessment method for all Member States, CNOSSOS-EU, then marginally corrected at the beginning

of 2018 [3]. This new method for noise mapping came into effect at the beginning of 2019. The adaptation of

the model to the French road network and vehicle fleet was published in June 2018 [4].

The vehicle category 2 of CNOSSOS-EU refers to medium-heavy vehicles, which are not differentiated among

heavy vehicles in the classification used by the French noise prediction method NMPB2008 [5]. Their ac-

tual noise emission on French roads is not documented. However, statistical pass-by measurements carried out

on several roads pointed out discrepancies with medium-heavy vehicle noise prediction by CNOSSOS-EU [6].

Based on a series of controlled pass-by measurements involving a sample of medium-heavy vehicles driving at

constant speed, average noise emission models have been determined for two scenario options of traffic compo-

sition of category 2, differing by the proportion of public transportation vehicles, with an effect on the propul-

sion noise contribution [7]. Then, the relevance of CNOSSOS-EU for predicting noise emission of a French

average medium-heavy vehicle is raised. Several versions of CNOSSOS should be considered: CNOSSOS-EU

currently in effect according to 2015 Directive, CNOSSOS-FR corresponding to its adaptation to French road

network, an updated version of CNOSSOS-EU elaborated in 2018 after the detection of issues in the original

version [8]. For further illustration, to this list is added the Dutch version recommended for noise mapping in

the Netherlands from 2019 onwards [9].

∗marie-agnes.pallas@ifsttar.fr
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After a presentation of these CNOSSOS versions in section 2, the procedure that established the noise emission

of a French average medium-heavy vehicle within the two scenarios is recalled (section 3). A confrontation

of these average category 2 vehicles with the four versions of CNOSSOS is discussed, both considering global

A-weighted levels and frequency spectra, focusing on urban speed conditions where propulsion noise in pre-

dominant (section 4).

2 NOISE EMISSION MODELS
The method CNOSSOS-EU published in 2015 [2, 3] is currently the reference European version. It was used

as the basis for the French transposition and adapted to French traffic and road network specificities through

corrective coefficients. An underlying mismatch of the European road emission model has recently been raised

and an updated version of the reference CNOSSOS-EU version is being examined. Simultaneously, other Mem-

ber States published their own transposition; the implementation in effect in the Netherlands is also considered

here. These various versions are summerised in this section.

2.1 Reference CNOSSOS-EU method
The CNOSSOS-EU road noise emission model considers four vehicle categories, according to their mass and

axle number [2]. Category 2 concerns medium-heavy vehicles, with a mass larger than 3.5 tons, two axles and

twin tyres on the rear axle. It includes a wide variety of vehicles with various uses, bodies and equipment –

i.e. delivery-, dump- and garbage trucks, tankers, buses and coaches – as long as they have only two axles.

Any vehicle is modelled by a single omnidirectional point source, located 0.05 m above ground. Its acoustic

power specified in the octave bands [63 Hz - 8 kHz] under reference conditions (constant speed, flat and dry

road, air temperature of 20◦C and a virtual road surface corresponding to an average of DAC 0/11 and SMA

0/11). If conditions deviate from these, correction coefficients shall be used.

In each octave band i, the total power radiated by the point source LWT,i is composed of a propulsion noise

component LWP,i and a rolling noise component LWR,i, depending on vehicle speed v:

LWT,i(v) = LWR,i(v)⊕LWP,i(v) (1)

where the operator ⊕ stands for the energetic sum of both components and:

LWR,i(v) = AR,i +BR,i log

(
v

vre f

)
(2)

LWP,i(v) = AP,i +BP,i
v− vre f

vre f
(3)

The coefficients AR,i, BR,i, AP,i and BP,i are given in Table F-1 of the Directive [2], and vre f = 70 km/h.

Corrective terms ΔLWR,road,i and ΔLWP,road,i are available for rolling noise and propulsion noise respectively, so

as to take into account the effect of the road surface on vehicle noise emission:

ΔLWR,road,i(v) = αi +β log

(
v
v0

)
(4)

ΔLWP,road,i(v) = min{αi;0} (5)

the latter being designed to account for the effect of absorbing surfaces on propulsion noise. Values of the

coefficients αi and β are given in Table F-4 of the Directive for each vehicle category on various Dutch road

surfaces. For each road pavement, it should be noticed that the corrective coefficients for medium-heavy vehicles

are always identical to those of the heavy vehicles, reflecting a similar noise level impact of a road surface

change for both categories.

The corrective coefficients αi and β are the means of action to adapt the model to the French road surfaces.
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2.2 French adaptation CNOSSOS-FR
The French prediction method NMPB2008 was implemented as a transitional method for the previous rounds of

strategic noise map production, pending the availability of the common European method. The propagation part

of CNOSSOS-EU is quite similar to the French approach, but the respective road noise emission models differ

with regard to the vehicle classification and to the sound power levels, among other things. Indeed, NMPB2008

identifies only two types of vehicles: light vehicles and heavy vehicles [5], the former matching with CNOSSOS

category 1 and the latter with category 3. In addition, it clusters and ranks road surfaces into three groups, R1,

R2 and R3, from the quietest to the noisiest, each one split in drainage or non-drainage surfaces. NMPB2008

was built on a wide set of national measurements and is considered as representative of the vehicle fleet driving

on the French road network.

An adaptation of CNOSSOS-EU to the French context has been proposed by calculating correction coefficients

αi and β that best match CNOSSOS to the NMPB2008 model, respectively for vehicle categories 1 and 3

and each road surface cluster [10]. For the undocumented French category 2, the adaptation has taken the same

approach as Table F-4 of CNOSSOS-EU by replicating the correction coefficients of category 3 [4]. This French

adaptation is named CNOSSOS-FR in this paper.

It should be noted that, in road and vehicle conditions similar to the reference conditions of CNOSSOS-EU,

the use of uncorrected CNOSSOS-EU greatly undervalues French noise emission levels. This results in the

production of quite significant correction terms, even for low-noise surfaces.

2.3 Corrected version of CNOSSOS-EU
Some errors have recently been identified in the derivation of the sound power coefficients given in Table

F-1 of CNOSSOS-EU, partly resulting from a mismatch between the respective propagation models of Har-

monoise/IMAGINE and of CNOSSOS-EU [8]. Among other issues, the need for an update of Table F-1 has

been pointed out and discussed in 2018 within a European working group [11]. This affects the coefficient

A for both the propulsion and rolling noise components, without changing the B coefficients and therefore the

component dependence on speed [8]. For vehicle categories 2 and 3, upgraded coefficients provide higher over-

all sound power levels by 2 to more than 3 dB(A) depending on speed. This modified CNOSSOS version is

named CNOSSOS-2018 in the present paper.

2.4 Dutch adaptation CNOSSOS-NL
The adaptation of CNOSSOS-EU for noise mapping implementation in the Netherlands includes own sound

power coefficients for the respective propulsion and rolling noise components, designed in accordance with the

general equations (1)-(3) and the reference conditions specified in the European directive. A specific set of

coefficients AR, BR, AP and BP is given in table 2.2.b of the Dutch method [9], providing own speed-dependent

sound power levels for the different vehicle categories.

2.5 Comparison of the models for vehicle category 2
By likening the reference surface of CNOSSOS-EU to the non-drainage group R2 of the French classification,

the previous models are compared for vehicle category 2, namely:

• CNOSSOS-EU, CNOSSOS-2018 and CNOSSOS-NL in reference conditions

• CNOSSOS-FR for a non drainage R2 surface

The quantities represented are A-weighted sound power levels (LWA).

For a dense road surface, CNOSSOS-EU and CNOSSOS-FR noise emission models have identical propulsion

noise components and differ by their rolling noise contribution. CNOSSOS-2018 is different from the preceding

ones both in the propulsion and the rolling noise components, as well as CNOSSOS-NL. CNOSSOS-EU gives

the lowest global propulsion and rolling noise contributions, while CNOSSOS-FR provides the highest rolling
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noise contribution with the steepest speed increase. CNOSSOS-NL gives the highest propulsion noise prediction.

The total noise shows variable differences between models over the speed range, according to the predominance

of the propulsion noise and the rolling noise contributions in the octave bands (Figure 1).
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Figure 1. Comparison of the overall noise emission models for vehicle category 2, A-weighted global sound

power levels

3 NOISE EMISSION OF AN AVERAGE MEDIUM-HEAVY VEHICLE
To fill the gap in knowledge about the actual noise emission of medium-heavy vehicles on French road network,

an experimental study has been conducted to determine a representative noise emission equation of this vehicle

category. It relies on controlled pass-by noise measurements carried out on a set of vehicles, used to build a

model for the noise emission from an average medium-heavy vehicle in two traffic mix scenarios. This section

summarises the procedure followed to obtain the propulsion and rolling noise contributions of one vehicle, then

the determination of the average model in each of the two traffic scenarios. More details are available in [7].

3.1 Analysis of a controlled vehicle
All the controlled medium-heavy vehicles have been measured under very close conditions and similarly anal-

ysed. For each of them, the gear ratios and the axle ratio were known. The pass-by measurement procedure

was based on standard NF S 31119-2 [13], similar to ISO 11819-1 [12] but for controlled vehicles. Infrared

cells provided information on the vehicle speed. Constant speed pass-bys were carried out in 5 or 10 km/h

steps from 15 to 90 km/h. As far as possible two different engaged gears were tested for each speed setpoint,

the adapted gear (most natural gear for the speed) and the inferior gear (one gear lower, thus involving a larger

rpm). Knowledge of the powertrain mechanical characteristics made it possible to calculate the engine rpm from

the speed. The acoustic quantity considered is the maximum A-weighted noise pressure level on the microphone

at roadside.

In accordance with CNOSSOS prediction model the analysis has been carried out in octave bands from 63 Hz to

8000 Hz. The vehicle noise emission equation in each octave band i was determined by optimising parameters

of a noise level model LAmax,i,mod , using a least squares criterium between the set of measured levels LAmax,i,meas
and the model LAmax,i,mod :

min
∥∥LAmax,i,meas −LAmax,i,mod

∥∥2
(6)

In this model, given by Equation (7), the total noise is the sum of a propulsion noise component depending on
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engine speed (Equation 8) and of a rolling noise component depending on vehicle speed (Equation 9).

LAmax,i,mod (N,v) = LA,prop,i(N)⊕LA,roll,i(v) (7)

LA,prop,i(N) = L0,A,prop,i +αA,prop,i log

(
N

Nre f

)
(8)

LA,roll,i(v) = L0,A,roll,i +αA,roll,i log

(
v

vre f

)
(9)

where Nre f and vre f are respectively the reference engine speed and the driving speed, and the operator ⊕
stands for energetic summation.

Thereafter, considering the commonly used adapted gear driving conditions, a one-to-one relationship links

vehicle speed to engine rpm Nadapt(v). Thus, the noise emission equation of the vehicle at adapted gear depends

on the sole variable v, using the previously optimised coefficients L0,A,prop,i, αA,prop,i, L0,A,roll,i and αA,roll,i
(Equation 10). In practice, the propulsion noise component has discontinuities – and consequently the overall

noise – at speeds where a gearbox shift occurs since implying large engine rpm changes.

LAmax,adapt,i (v) =
[

L0,A,prop,i +αA,prop,i log

(
Nadapt(v)

Nre f

)]
⊕
[

L0,A,roll,i +αA,roll,i log

(
v

vre f

)]
(10)

The same operation has been performed with each vehicle tested. All vehicles had an internal combustion

engine and were tested at one of two sites with a DAC 0/10 road surface. The propulsion and the rolling noise

components of each vehicle in adapted gear have been used to determine average contributions from the set of

vehicles.

3.2 Vehicle subcategories and traffic scenarios
The total number of vehicles tested is still limited, since seven vehicles could be assessed in depth. Several

types of medium-heavy vehicles have been investigated, with various functions, makes, models and tyre types

and wears. They have been grouped in subcategories, designated with the generic names van truck (intended

for the delivery of packaged goods), dump truck (used for the transport of bulk materials for public works) and

bus [7]. This classification was motivated by noticing some homogeneity within a subcategory but significant

differences between them. A mean emission law has been determined in each subcategory by energetically

averaging propulsion noise components on the one hand and rolling noise components on the other hand per

octave band, on the shared speed test range. Concerning propulsion noise, averaging tends to smooth out the

vehicle-specific discontinuities spread over the speed range. Propulsion noise differences provide an obvious

subcategory ranking dump trucks > van trucks > bus and may exceed 8 dB(A) between the average dump truck
and the bus. Van trucks approximately lie at mid-range within this extent [7].

The determination of the noise emission model representative of French vehicles of category 2 results from

assumptions on the traffic mix, weighting the noise emitted by each subcategory. Two traffic composition sce-

narios of category 2 have been retained, defined by a proportion nv of van trucks (including refrigerator trucks),

a proportion nd of dump trucks (including tank-, flatbed-, container-, refuse trucks) and a proportion nb of buses
(urban buses and coaches), with nv + nd + nb = 1 (Table 1). They result from punctual subcategory counting

performed at four varied locations and differ mainly by their ratio of public transport vehicles [7]. Critical for

the average propulsion noise component, the traffic mix has a negligible effect on the average rolling noise

component.

3.3 Vehicle noise emission models
For each traffic mix scenario, the next step consists in calculating the optimal coefficients ÂP,i and B̂P,i (resp.

ÂR,i and B̂R,i) of an emission model given by the CNOSSOS equation (3) (resp. equation (2)), fitted to the

previous average propulsion (resp. rolling) noise component.
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Table 1. Proportion of vehicles in each subcategory of the traffic mix

Scenario nv nd nb
Low public transport ratio 61 % 34 % 5 %

High public transport ratio 27 % 20 % 53 %

The noise emission model associated with each scenario, extrapolated up to 110 km/h, is drawn in Figure 2

(left). Since differences between scenarios affect the propulsion noise only, the overall noise differs acoustically

at low speed but not at high speed. In any case, the propulsion noise dominates up to more or less 50 km/h,

then rolling noise prevails. This seems reasonable at the light of road noise knowledge. On the contrary,

CNOSSOS-EU global rolling noise reaches propulsion noise contribution at about 100 km/h only and rolling

noise is of the same order of magnitude as propulsion noise at the best, even at the frequencies where its

contribution is known to be strong.
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Figure 2. Noise emission models for an average vehicle of category 2 in two traffic mix scenarios. Left:

A-weighted global sound power levels. Right: noise level difference between the scenarios.

The propulsion noise difference between the scenarios is almost constant over the whole speed range, equal to

1.6 dB(A) in global levels. This gives a varying difference on total noise, from 1.6 dB(A) at low speed and

decreasing to become insignificant at high speed. It remains over 1 dB(A) up to 40 km/h (Figure 2, right). The

scenario issue therefore concerns mainly urban areas and city centres. The rolling noise component is typical of

the two DAC 0/10 surfaces of the test tracks. A statistical approach covering R2 road surfaces is still needed

to refine the relevant rolling noise model for class R2.

4 CONFRONTATION OF THE AVERAGE MEDIUM-HEAVY VEHICLE TO CNOSSOS
NOISE EMISSION

Considering the road surface of the test sites, both scenarios are compared to CNOSSOS-EU, CNOSSOS-2018

and CNOSSOS-NL in reference conditions, and to CNOSSOS-FR with the road surface group R2 non-drainage,

regarding global noise levels (Figure 3 left). A focus is done on the key contribution of the propulsion noise at

low speed through the noise spectra at 20 km/h (Figure 3 right). The relevance of the CNOSSOS versions with

the average models associated to the two scenarios depends both on trafic mix and speed.

CNOSSOS-EU is well adapted to the scenario with a high public transport ratio up to 40 km/h but undervalues

the other scenario by 1 to 1.5 dB(A). In this speed range, this relies mainly on the propulsion noise contribu-

tion. Its propulsion noise spectrum at low speed is relevant over the dominant frequency range 500-4000 Hz.
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Differences occur mainly at both ends of the spectrum, either overpredicting or underestimating the noise emit-

ted by the average vehicle in these secondary frequency bands. In both traffic mix scenarios, CNOSSOS-EU

in reference conditions undervalues the vehicle noise emission at high speeds, up to 4 dB(A) at 110 km/h and

road corrective terms are required for prediction improvement.

CNOSSOS-2018, the corrected version proposed in the European working group, overestimates the overall noise

emission, up to 1.6 dB(A) at low and medium speeds with a low public transport ratio and up to 2.8 dB(A)

if this ratio is high. In the former case, the overestimation comes from most of the frequency range. The

propulsion noise level increase with speed is too rapid with respect to the average experimental result. Thus,

if considering the basic flexibility of CNOSSOS approach, its adaptation to the French average vehicle of cate-

gory 2 would be tricky in this case since corrective terms provide no mean of reducing propulsion noise level

contribution, then the overall noise level.

The comments made for CNOSSOS-2018 are still heightened with the Dutch model CNOSSOS-NL and it seems

that the average medium-heavy vehicles differ significantly in both countries, in particular regarding the higher

propulsion noise contribution.

CNOSSOS-FR is now recommended for new noise mapping rounds in France. Its ability to correctly figure

the noise situation is essential. Its propulsion noise component is identical to the one of CNOSSOS-EU and

the above comments on CNOSSOS-EU propulsion apply here. On the present experimental test basis and

considering the overall noise for the road category R2 non-drainage, it happens to be an acceptable compromise

for both scenarios prediction in urban conditions. In a typical urban scenario with a high public transport ratio,

overestimation is lower than 1 dB(A) at 20-30 km/h and smaller than 2 dB(A) over the whole speed range. If

the public transport ratio is low the noise prediction error remains within ±1 dB(A) up to 50 km/h and does

not exceed 1.3 dB(A) at medium and higher speeds.
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Figure 3. Comparison of the CNOSSOS noise emission models to the average medium-heavy vehicle of the two

scenarios. Left: overall A-weighted global sound power levels. Right: sound power spectrum of the propulsion

noise contribution at 20 km/h

5 CONCLUSIONS
The noise prediction method CNOSSOS-EU allows the production of road strategic noise maps based on noise

emission models per vehicle category. The medium-heavy vehicles are not classified in the French noise

database, which was an issue for adapting the European method to the French context. Thus, based on a series
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of measurements carried out on controlled vehicles at bass-by and on two scenarios of medium-heavy traffic

mix, average noise emission in accordance with the CNOSSOS model has been set for each case. This result

has been compared with the noise emission prediction of CNOSSOS. In the present context of the European

method likely to be updated, several versions of CNOSSOS have been considered, including the one currently

in effect in France. It turns out that the latter gives noise prediction levels with an error not exceeding 2 dB(A),

even less according to the scenario. However, a future CNOSSOS version involving a higher propulsion noise

contribution would make an adaptation through the sole correction on rolling noise inappropriate.
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ABSTRACT 

Strategic noise mapping across cities has been undertaken under EC Directive 2002/49/EC since 2006 using 

a range of national and EC recommended Interim Methods. Under EU Directive 2015/996 the new common 

methods were introduced which have been the required methods of assessment since 31 December 2018. 

Within the EuropeAid funded project for strategic noise mapping in City of Niš agglomeration, 

CNOSSOS-EU:2015 has been used to develop the first city-wide results in the Republic of Serbia. The 

project has included: the collection of input data from a wide range of National, Regional and City 

authorities; development of the noise models and noise calculations under CNOSSOS-EU and presentation 

of the results to the public using a hosted SaaS solution; and verification of the results using long term noise 

measurement surveys. Based upon the experience gained in Niš, the project is developing guidelines for 

strategic noise mapping in Serbia using the CNOSSOS-EU:2015 methodology, which will be used as the 

basis for conducting training of state and municipal authorities in noise mapping in connection with future 

membership of the EU. 

 

Keywords: CNOSSOS-EU, END, noise mapping,  
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1 Kanagawa Environmental Research Center, Japan 
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ABSTRACT 
In Japan, annoyance due to noise from the high-speed “Shinkansen” railways is more annoying than that 
from conventional railways, as reported in the previous study. The reasons for the difference have been 
explored mainly from psychological point of view. A previous comparison survey along the Shinkansen and 
conventional railways found that inhabitants living along the Shinkansen railways had negative attitudes to 
the noise. Therefore, no recognition of necessity of noise from the Shinkansen railways was considered t  
bring about higher annoyance than that from conventional railways. In addition, the combined effect of noise 
and ground-borne vibrations from the Shinkansen railways on annoyance could increase higher annoyance. 
However, each effect of ground borne vibrations as well as negative attitudes on noise annoyance has not 
been quantitatively evaluated. We performed a secondary analysis using individual datasets, exposures and 
annoyance associated with noise and ground-borne vibrations from the railways, derived from the previous 
twelve surveys. Applying a multiple logistic regression analysis to the datasets, we quantitatively provided 
the effects of negative attitudes and ground-borne vibrations on noise annoyance.  
 
Keywords: Annoyance, Noise, Ground-borne vibrations, Logistic regression analysis, Combined effect 

1. INTRODUCTION 
In European countries and the United States, studies on adverse effects of noise on people have 

been energetically addressed. For example, Miedema et al. (1) conducted a meta-analysis using the 
socio-acoustic survey data archive of TNO (The Netherlands Organization for Applied Scientific 
Research). They derived individual exposure-response relationship for aircraft, road traffic and 
railway noises, and revealed lower annoyance due to railway noise than that of noise from other 
transportations. Since similar results had been reported in other studies conducted in Europe, 
"Railway bonus" of around 5 dB, are reflected in the environmental standards of European countries.  

On the other hand, results from socio-acoustic surveys in Japan have not supported the existence 
of "Railway bonus". Yokoshima et al. (2) and Ota et al. (3) conducted a secondary analysis using the 
Socio-Acoustic Survey Data Archive (SASDA), and have established relationships between exposure 
and prevalence of noise annoyance for each mode of transportation. The prevalence of annoyance 
due to military aircraft noise is the highest, followed by the Shinkansen railway, civilian aircraft, 
conventional railway, and road traffic noises. This finding indicates that there is no “Railway Bonus” 
in Japan, unlike European countries.  

On the other hand, in "ENVIRONMENTAL NOISE GUIDELINES for the European Region" (4), 
published in October 2018, recommended exposure levels for environmental noise in order to protect 
population health. Since respective recommendation values of Lden for road traffic and railway noise 
are 53 dB and 54 dB, the difference between the two noise sources is not clear. In addition, the 
guidelines develop no recommendation for high-speed railway. Socio-acoustic surveys in Japan 
revealed higher annoyance due to noise from the Shinkansen railways than that from conventional 
railways. Therefore, it is difficult to sufficiently discuss community response to noise from 
high-speed trains based on the datasets for conventional railway noise. .  
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Several studies were performed to clarify the reason for the difference in community response 
between conventional and high-speed railways. Comparing community response to general noise in 
residential areas along the Shinkansen and conventional railways, Tamura (5) found that noise from 
the Shinkansen railway is regarded more negatively than convent ional railway noise. He also 
indicated that inhabitants living in the areas along the Shinkansen railway are generally concerned 
with noise issues and recognize no need for the Shinkansen railway. Subsequently, Yokoshima et al. 
(6, 7) clarified that combined effect of noise and ground-borne vibrations on annoyance from the 
Tokaido Shinkansen railway increases higher individual annoyance. Furthermore, Yokoshima et al. 
(8) performed a secondary analysis using individual datasets associated with noise and ground-borne 
vibrations from the Shinkansen railways. The datasets were based on six socio-acoustic surveys 
which were separately conducted in residential areas along the various Shinkansen lines. Applying a 
logistic regression analysis to the datasets, they confirmed the combined effects of noise and 
ground-borne vibrations from the Shinkansen railways on annoyance, and provided the 
representative relationship between the combination of noise and vibration exposures, and the 
prevalence of each annoyance.  

The previous studies suggested the negative attitudes and combined effect of ground-borne 
vibrations increase higher annoyance from noise due to high-sped railways than that from 
conventional railways. However, each effect on noise annoyance has not been quantitatively 
evaluated. In particular, it is very important to develop the evaluation method for community 
response to combined environment factors. In this paper, we performed a secondary analysis using 
the datasets derived from previous surveys conducted in residential areas along the railways in Japan 
(7 and 5 datasets for Shinkansen and conventional railways, respectively). Applying a multiple 
logistic regression analysis to the datasets, we quantitatively provided the effects of ground-borne 
vibrations and negative attitudes on noise annoyance.  

2. METHODS 

2.1 Socio-acoustic surveys 
Individual datasets for conventional railways (CR) analyzed in this paper were derived from five 

surveys CR01 to CR05 shown in Table 1. On the other hand, individual datasets for the Shinkansen 
railways (SR) were derived from seven surveys SR01 to SR07 shown in Table 2. The surveys were 
conducted separately, except for CR05 and SR05 surveys conducted along the Kyushu Shinkansen 
line. All the datasets were equipped with noise exposure, vibration exposure (measurements in 
vertical direction) and annoyance due to railway noise (5 point verbal scale).  

CR02, CR05, SR02 and SR05 targeted inhabitants living not only in detached houses (DH) but 
also in apartment buildings (AB). For example, noise levels from railways are much lower in 
apartment buildings made of reinforced concrete than those in detached wooden houses, because of a 
marked difference soundproof performance. Similarly, foundations of detached houses are greatly 
different from those of AB. Vertical railway-induced ground-borne vibrations slightly increased 
when transmitted to DH and decreased when transmitted to AB. Taking these into consideration, in 
this paper, only data for detached houses were analyzed. 

Table 1 – Outline of conventional railway survey datasets 
Survey FY Location a Method  Housing type 

(DH; AB) c 
Annoyance Response 

proportion (%) e 
Sample  

size 
CR01 1997 KNG Pref. Visit-Mail b DH unbearable 79 310 

CR02 2002 KNG Pref. Visit-Mail b DH & AB ICBEN d 64 422 

CR03 2004 2006 FKO Pref. Visit-Mail b DH ICBEN d 49 653 

CR04 2011 STM City Visit-Mail b DH ICBEN d 29 170 

CR05 2011–2012 KMM Pref. Visit-Visit b DH & AB ICBEN d 30 559 

a: Kanagawa (KNG), Fukuoka (FKO), Saitama (STM), and Kumamoto (KMM). 
b: Distribution-collection method. 
c: Detached house (DH) and Apartment building (AB). 
d: International Commission on Biological Effects of Noise (ICBEN). 
e: Response proportion of detached houses.  
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Table 2 – Outline of Shinkansen railway survey datasets 
Survey FY Location a Line b Method Housing type 

(DH; AB) d 
Annoyance Response 

proportion (%) f 
Sample  

size 

SR01 ‘95–‘96 KA Pref. TSL Visit-Mail b DH unbearable 72 709 

SR02 ‘01–‘03 KA Pref. TSL Visit-Mail c DH & AB ICBEN e 57 872 

SR03 ‘03 FU Pref. SSL Visit-Mail c DH ICBEN e 66 358 

SR04 ‘04 NG City TSL Interview DH ICBEN e 58 175 

SR05 ‘11–‘12 KU Pref. KSL Visit-Visit c DH & AB ICBEN e 45 559 

SR06 ’13 NA Pref. HSL Mail-Mail c DH ICBEN e 45 294 

SR07 ‘16 IS & TO Prefs. HSL Mail-Mail c DH ICBEN e 52 927 

a: Kanagawa (KA), Fukuoka (FU), Nagoya (NG), Kumamoto (KU), Nagano (NN), Ishikawa (IS) and Toyama (TO). 
b: Tokaido Shinkansen line (TSL), Sanyo Shinkansen line (SSL), Hokuriku Shinkansen line (HSL), and Kyushu 
Shinkansen line (KSL). 
c: Distribution-collection method. 
d: Detached house (DH); Apartment building (AB). 
e: International Commission on Biological Effects of Noise (ICBEN). 
f: Response proportion of detached houses.  

2.2 Measurement 
Measurement of noise and ground-borne vibrations from railways was conducted on a site-by-site 

basis for each survey. For the included surveys except SR04, measurement was performed after the 
social survey was completed. Conversely, for the SR04 survey, the city government carried out its 
measurement before the social survey. It should be noted that vibration exposure was not estimated for 
some inhabitants in the SR03 survey. 

Regarding noise measurement, A-weighted sound exposure levels (LAE) of the pass-by noise from 
the trains were measured at several points at different distances from the track. Some surveys 
estimated the LAE values from the maximum A-weighted and S-weighted sound pressure level 
(LASmax). At each point, day-evening-night sound pressure level (Lden) as noise exposures was 
calculated as the mean energy value of measured LAE and the number of pass-by trains during the 
day-time (7:00–19:00), evening-time (19:00–20:00) and night-time (22:00–7:00). From the above 
results, depending on noise emission and propagation conditions, one or more distance attenuation 
equations were formulated for each noise index via logarithmic regression. Then, the noise exposure to 
each respondent was estimated based on the corresponding formula.  

Similarly, the maximum vibration level in the vertical direction (LVzmax) on the surface of the 
ground was measured at almost the same points as the noise measurement. The reference acceleration 
of the vibration level is 10−5 m/s2. The maximum-based index (LVmax) was calculated from the mean 
value of the top 50% of the measured LVzmax values. The vibration exposure for each respondent was 
estimated using the same method as that for noise exposure.  

In this study, we present the relationship of LVzmax and maximum transient vibration value (MTVV: 
m/s2) (9) for vertical ground-borne vibrations caused by the Shinkansen railways. Shimoyama et al. 
(10) indicated the following approximate expression:  

10log10(MTVV/10-5)2 = LVzmax + 1.8 
The noise and vibration exposure values were rounded to one decimal place in this paper.  

3. RESULTS 

3.1 Demographic factors 
Table 3 shows the relative frequency distributions of demographic and housing factors. Overall, 

there were proportionally more female respondents than male respondents. Respondents aged 50 
years or older accounted for more than 70% of each railway. This may have been driven by the fact 
that the analysis examined only detached houses. About 90% of the detached houses had wooden 
frame structures.  
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Subsequently, Lden and LVmax values were compared among the railways. Table 4 shows the results 
of cross tabulating the categories of Lden (38 dB ≤ Lden 67 dB B) and LVmax (35 dB ≤ LVmax ≤ 64 dB) 
for each railway. The ranges of Exposures were divided into 5-dB intervals. The parentheses in the 
table indicate the relative frequency of Lden and LVmax categories. Lden values for the CR were 
distributed in higher level ranges than those for the SR. On the other hand, comparing among the 
railways at the same Lden category, it can be seen that LVmax values for the SR were distributed at 
relatively higher ranges than those for the CR. 

Table 3 – Demographic factors and housing structure 

Item Category CR SR 

Sex Male 834 (40%) 1670 (44%) 

Female 1256 (60%) 2151 (56%) 

Age Less than 30 72 ( 3%) 156 ( 4%) 

30-39 156 ( 7%) 286 ( 7%) 

40-49 303 (14%) 631 (16%) 

50-59 477 (23%) 899 (23%) 

60-69 566 (27%) 1060 (28%) 

70 or over 521 (25%) 810 (21%) 

Housing structure Wooden 1878 (90%) 3395 (88%) 

Others 220 (10%) 461 (12%) 

Table 4 – Cross tabulate between noise and vibration exposures 

LVmax 

Lden 

CR SR 

45-44 45-54 55-64 Total 45-44 45-54 55-64 Total 

38-42 80 79 0 159 (9%) 68 101 55 224 (6%) 

42-47 97 96 0 193 (11%) 366 501 164 1031 (31%) 

48-52 90 204 5 299 (18%) 360 774 303 1437 (40%) 

53-57 83 209 59 351 (21%) 106 279 270 655 (19%) 

58-62 76 186 98 360 (21%) 5 24 111 140 (4%) 

63-67 9 160 174 343 (20%) 0 3 4 7 (0%) 

Total 435 
(26%) 

934 
(55%) 

336 
(20%) 1705 905 

(26%) 
1682 
(48%) 

907 
(26%) 3494 

3.2 Logistic Regression  
To quantitatively evaluate the effects of ground-borne vibrations and negative attitudes on noise 

annoyance from the railways, we applied a multiple logistic regression analysis to the datasets using 
IBM SPSS Statistics 23.  

As indices of noise annoyance due to railway noise, the responses of the most annoyed category, 
and of either category of the most annoyed or next annoyed were defined as “Extremely Annoyed” 
(EA) and “Very Annoyed” (VA), respectively. The analysis was applied to EA/VA as the dependent 
variable, while exposures (Lden and LVmax), railway type (CR and SR), sex, age, and the interaction 
between railway type and LVmax category were included as independent variables. Taking the 
estimation accuracy of exposures into account, Lden (38–67 dB) and LVmax (35–64 dB) were divided 
into 5- or 10-dB intervals, respectively.  

Tables 5 shows the odds ratio (OR) and the lower/upper limit of the 95% confidence interval 
(LCI/UCI) of each category for EA/VA due to railway noise. The OR was based on the following 
reference categories: CR (railway type), Male (sex), <30 (age), 38–42 dB (Lden), 45–54 dB (LVnax), 
and SR*45–54 dB (railway type*LVmax).  
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As shown in Table 5, the OR of SR (railway type) was larger than 1 and the LCI was also more 
than 1. Female (sex) showed the OR and UCI with less than 1. Therefore, female was less annoyed 
by railway noise than male. Age had no significant impact on railway noise annoyance.  

Within an Lden range of 48–52 dB or above, the OR and LCI were larger than 1. Subsequently, 
within an LVmax range of 35–44 dB, the OR and UCI were smaller than 1; within an LVmax range of 
55–64 dB, the OR and LCI were larger than 1. These results show a significant increase effect in 
noise annoyance in the Lden range of 48–52 dB or above and a significant increase effect of LVmax on 
noise annoyance. For the interaction item, the UCI of SR*35–44dB and LCI of SR*55–64dB were 
larger and smaller than 1, respectively. Therefore, there was no interaction between railway type and 
vibration exposure for noise annoyance. This result suggests no difference in the average slope of the 
relationship between LVmax and the prevalence of noise annoyance by railway type.  

Table 5 – Logistic regression analysis of EA/VA due to railway noise 

Item Category EA VA 
  OR 95% CI OR 95% CI 

Railway type CR 1   1   
 SR 2.415 1.740 3.351 2.860 2.255 3.628 

Sex Male 1   1   
 Female 0.714 0.584 0.874 0.778 0.671 0.901 

Age <30 1   1   

 30-39 0.655 0.352 1.220 0.633 0.406 0.988 

 40-49 0.900 0.521 1.554 0.726 0.488 1.08 

 50-29 1.058 0.628 1.784 0.933 0.639 1.362 

 60-69 1.109 0.660 1.864 0.984 0.676 1.432 

 70≤ 0.651 0.377 1.123 0.628 0.426 0.927 

Lden 38–42 dB 1   1   

 43–47 dB 1.461 0.705 3.031 1.820 1.112 2.981 

 48–52 dB 4.102 2.067 8.141 4.787 2.989 7.669 

 53–57 dB 3.530 1.750 7.121 4.500 2.775 7.299 

 58–62 dB 9.663 4.677 19.967 9.117 5.429 15.311 

 63–67 dB 11.746 5.281 26.126 15.079 8.538 26.628 

LVmax 35–44 dB 0.621 0.439 0.879 0.696 0.547 0.886 

 45–54 dB 1   1   

 55–64 dB 1.552 1.197 2.012 1.421 1.166 1.731 

Railway 

type*LVmax 

SR*35–44dB 0.582 0.292 1.161 0.821 0.511 1.333 

SR*45–54 dB 1   1   

SR*55–64 dB 1.064 0.641 1.764 0.819 0.557 1.203 

Constant 0.076 0.206 

Area Under the Curve (AUC) 0.72 0.70 

4. DISCUSSION 
Based on a reanalysis of datasets compiled in five and seven socio-acoustic surveys conducted 

separately in Japan, we examined each effect of ground-borne vibrations and negative attitudes on 
noise annoyance of inhabitants living along the Shinkansen or conventional railway lines.  
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In this study, we confirmed the combined effect of ground-borne vibrations on noise annoyance. 
According to rough calculation, the OR of 10 dB increase in vibration exposure was estimated to be 
about 1.5 on geometric average. On the other hand, re-calculating the ORs of 5 dB increase in noise 
exposure, based on the neighboring category, became 0.86–2.81 (EA) and 0.94–2.63 (VA); geometric 
average of the ORs obtained was about 1.7. These results provide that the OR of change of 5 dB in 
noise exposure is equivalent to that of 13 dB (≈ 10*log1.7/log1.5) in vibration exposure.  

Regarding railway type, noise from the Shinkansen railways is more annoying than that from 
conventional railways. As Tamura pointed out in the previous report, negative attitudes towards the 
Shinkansen railways increase its noise annoyance (5). Whereas the OR of railway tape was about 2.4, 
the averaged OR of 5 dB increase in noise exposure for EA was determined to be about 1.6.  When 
the OR of railway type is expressed in noise exposure Lden, negative attitudes towards the 
Shinkansen railway noise equal the increase of about 9 dB (≈ 5*log2.4/log1.6). Similar calculation 
for VA provided equivalent increase of about 10 dB in noise exposure. Thus, very annoyed response 
is more likely to be affected by negative attitudes than extremely annoyed response.  

5. CONCLUSIONS 
To quantitatively evaluate each effect of negative attitudes and ground-borne vibrations 

increasing higher noise annoyance of people along railway lines, we performed a secondary analysis. 
Individual datasets, exposures and annoyance associated with noise and ground -borne vibrations 
from the railways, derived from the previous twelve surveys  were used for analysis. Applying a 
multiple logistic regression analysis to the datasets, we confirmed negative attitudes had significant 
effect on noise annoyance at the 5 % level. We also clarified the combined effect of ground-borne 
vibrations on noise annoyance not only for high-speed railways but also for conventional railways. 
In addition, we expressed the effect of negative attitudes on noise annoyance in Lden. In future 
research, we intend to address the combined effects of noise exposure on vibration annoyance from 
railways. Further, we advance research to develop evaluation methods for combination of noise and 
ground-borne vibrations.  
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ABSTRACT 
The purpose of this study was to examine the evaluation method based on subjective responses to vibration 
caused by external vibration source including road traffic and railroads for building habitability. The target 
buildings were small-scale buildings, such as detached houses in Japan whose main structure was wooden or 
steel frame. The first natural frequency of vibration mode of those building which has dominant horizontal 
vibration has been known to be in the range from 4Hz to 8Hz. Horizontal vibrations at the ground in that 
frequency range can be amplified due to the dynamic characteristics of buildings. An experiment involving 
human subjects were conducted to investigate relationship between subjective responses and evaluation 
value computed from vibration acceleration time histories. The input stimuli consisted of sinusoidal 
vibrations at 4Hz and 8Hz for several different durations and vibrations based on building vibrations 
measured in actual residential buildings. 7-step evaluation scales composed of expressions to provide equal 
psychological intensity intervals about magnitude, concern and discomfort were used to measure subjective 
responses in the experiment. It was found that Vibration Dose Value, VDV, which evaluated the effect of 
vibration duration by the 1/4 power, with Wd frequency weighting was most appropriate among the 
evaluation methods used in this study. 
 
Keywords: Building Vibration, External Vibration Sources, Subjective Response, Vibration Evaluation 

1. INTRODUCTION 
In Japan, especially in urban areas, houses are adjacent to roads and railways.  Since the distance 

from road or railway to building cannot be sufficiently secured, the building can be affected by traffic 
induced vibration. The natural frequency of the fundamental horizontal vibration mode of wooden or 
steel frame 2 or 3 story small-scale housing in Japan was in the frequency band of 4 to 8 Hz. In this 
frequency range, vibrations of small-scale buildings can be induced by external sources like road 
traffic and railways, with some amplification due to the dynamic characteristics of buildings. Although 
vibration at the ground due to an external vibration source is below the human vibration perception 
threshold, a vibration problem can be caused by the vibration amplification due to building. For this 
reason, when designing building at a site with ground vibration at a concerned magnitude, it is 
necessary to design it for the performance for environmental vibration. 

The ISO 2631 series (1,2), which is an international evaluation method, is not often used for the 
vibration evaluation of buildings in Japan, and the evaluation method of Architectural Institute of 
Japan, AIJ (3), which has just been revised is generally used. However, there are some issues 
recommended for further investigation in the evaluation method of AIJ, such as the evaluation of 
subjective response to horizonal transient vibration. 

Therefore, this study carried out an experiment with human subjects using  input stimuli 
consisting of 4 Hz and 8 Hz sinusoidal vibration and real vibrations measured in the actual residential 
buildings. The relation between subjective responses, which were subjective magnitude, concern and 
discomfort, and some evaluation methods of environmental vibration were examined. 
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2. Method 

2.1 Apparatus 
An electrodynamic shaker, Asahi Corporation VSR-S150H, in a laboratory of Saitama University 

used in the experiment can produce horizontal vibration in a single-axis. Subjects sat on an 
aluminum-framed seat mounted on the shaker platform whose size was 800 × 800 mm. The seat was set 
to expose subjects vibrations in the lateral direction. The horizontal acceleration of the seat surface 
was measured with a uniaxial piezoelectric accelerometer, RION PV -87. A charge amplifier, RION 
UV-06, was used for the amplification of signals from the accelerometer. A Vibration Level Meter, 
RION VM-53A, was used to measure the accelerations at the shaker platform in three orthogonal 
directions, which showed that cross-axis accelerations were negligible. Signals from all transducers 
were recorded in a PC-based data acquisition system, National Instruments Corporation, NI 
cDAQ-9178 and NI 9234. Figure 1 shows the electrodynamic shaker used in the experiment.  

 
 

Figure 1 – Electrodynamic shaker 

2.2 Subjects 
The twenty-five subjects (14 male and 11 female), with median age 22 years (range 20 - 24 years), 

stature 168 cm (range 151 - 179 cm), and weight 56 kg (range 43 -92 kg) participated in the experiment. 
They were all students of Saitama University. The experiment was approved by the Human 
Experimentation Safety and Ethics Committee of the Saitama University. Informed consent to 
participate in the experiment was given by all subjects. 

2.3 Input stimuli 
Input stimulus used in the experiment consisted of 12 types of vibration measured in real 

buildings and 2 types of sinusoidal vibration. The actual vibrations measured within houses were 
caused by external causes such as road traffic and railways. The frequency of sinusoidal vibration 
selected at 4Hz and 8Hz, which were determined based on the dynamic characteristics of ordinary 
residential buildings in Japan. The vibration duration varied in the range shorter than 35 s. The 
amplitude was adjusted so that the evaluation value by VDV of each input stimulus become equal 
interval by the logarithmic law, because the previous study showed the most appropriate 
correspondence with the subjective responses with the evaluation determined by VDV (4). For 
sinusoidal vibration, the frequency-weighted acceleration was adjusted by a factor of 2 (0.022, 0.011, 
0.043, 0.086 m/s2 at 4 Hz) and the duration by a factor of 4 (0.5, 2, 8 s). The magnitude of the 
acceleration amplitude was adjusted to be 0.11 - 2.02 m/s2 so that the acceleration amplitude was in 
the range which can occur in an actual building. A total of 68 types of vibrations, 20 types for 
sinusoidal vibration and 48 types for actual vibration, were prepared. Figure 2 shows examples of 
input acceleration. 
 
 

3638



 

 

 
(a)  Road traffic 

 
(b)  Elevated Road 

 
(c)  Railway 

 
(d)  Shinkansen 

 
 (e)  Sinusoidal (4 Hz - 8 s) 

Figure 2 – Example of input vibrations 

 

2.4 Measurement of subjective responses 
The subjects were asked to assume that they sat down on a seat in a living room. They were exposed 

to the input vibrations and asked to rate those vibrations using the rating scale for subjective 
magnitude of vibration, concern and discomfort. 

Category scales based on the method of psychological measurement was adopted to rate the 
subjective magnitude of vibration, concern vibration and vibration discomfort. These rating scales 
were set up as 7-step category rating scales with semantic labels, which were Japanese adverbial 
expressions, for the evaluation of building vibration.  For example, for each subjective scale, the label 
of the top category 1 contains the adverb corresponding to “Extremely” and the lowest category 7 
contains the adverb corresponding to “Not at all”. 

2.5 Evaluation method of vibration 
The several domestic and international evaluation methods of environmental vibration were 

applied to the accelerations measured in the experiment.  
 

2.5.1 Evaluation of Habitability, AIJES 
The Evaluation of Habitability, AIJES was defined in AIJES-V001-2018 (3). The vibration 

acceleration measured at floor surface in a building is plotted on criteria curve after 1/3 octave 
frequency analysis, and the evaluation is carried out at the maximum acceleration of main vibration 
components. In the case of unsteady vibration, the maximum value of acceleration can be reduced by 
calculating the effect of duration of vibration by 1/4 power. 

 

3639



 

 

2.5.2 Maximum Transient Vibration, MTVV 
The Maximum Transient Vibration, MTVV, defined in ISO 2631-1 and -2 (1,2), was calculated by: 

)](max[ 0taMTVV w  (1) 

2/12
0

0

0
)(1)(

t

t wW data  (2) 

Here, the acceleration was frequency-weighted by Wd weighting defined in ISO ISO 2631-1 (1). 
The integration time τ was 1.0 s. 
2.5.3 Vibration Dose Value, VDV 

The Vibration Dose Value, VDV, was defined in ISO 2631-1 and -2 (1,2), was calculated by: 

4/1

0

4)(
T

w daVDV  (3) 

where T is the duration of vibration.  
2.5.3 Root Mean Square, RMS 

The Root Mean Square, RMS, was calculated by: 

MS=
1
T

aw ζ 2dζ
T

0

1 2

 (4) 

In this study, the vibration duration T in the calculation was the same for all vibration stimuli. 
Therefore, RMS was essentially equivalent to the time-averaged value of VDV with the power of two, 
instead of fourth power, and used for investigating the effect of duration of vibration.  

3. Results 

3.1 Evaluation of influence of vibration duration and frequency weighting 
For investigating the influence of the duration of vibration and the frequency weighting 

characteristics, Figure 3 shows the correspondence between subjective responses and all evaluation 
values for sinusoidal vibrations only using Spearman's rank correlation coefficient.  

In the magnitude scale, MTVV which is the maximum value evaluation, shows that the correlation 
is the strongest. In discomfort scale, VDV which considers the duration of the vibration in the 1/4 
power, shows the strongest correlation. In any subjective responses, the evaluation of AIJES shows 
the strong correlation. On the other hand, RMS shows the weakest correlation among all the 
evaluated values. 

 

 
Figure 3 – Comparison of Spearman's rank correlation coefficients on sinusoidal vibration experiments 
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Figure 4 shows the correspondence between the subjective response and the evaluation value. As 
a representative, it shows the relationship between magnitude scale and MTVV, and discomfort scale 
and VDV. The evaluation values and subjective response are presented by the medians of 25 subjects. 
The figures show a tendency that the subjective response becomes stronger as the evaluation value 
increases, as expected. In addition, a similar tendency is observed in the results for 4 Hz and 8 Hz. 
This suggests that Wd frequency-weighting can adequately evaluate the subjective responses under 
consideration in this study for vibrations at two frequencies used. 

 
 

  
(a) Maguitude scale (b) Discomfort scale 

Figure 4 – Relation between subjective response and metrics of sinusoidal vibration  
:4 Hz - 0.5 s 4 Hz - 2 s, 4 Hz - 8 s, 4 Hz - 0.5 s 8 Hz - 2 s, 8 Hz - 8 s  

 

3.2 Relation between subjective responses and all metrics 
Figure 5 shows the Spearman's rank correlation coefficients between the subjective responses in 

this experiment and all the metrics for real vibrations only and all input stimuli. In addition, the results 
for sinusoidal vibrations, shown in Figure 4, are also shown for comparison.  

The correlation of MTVV is the strongest with the magnitude scale of the sinusoidal vibration, but 
the correlation is weak in the real vibration. VDV has a strong correlation with the subjective 
magnitude irrespective of the type of input stimulus. VDV also showed the strongest correlation with 
the discomfort scale for any input stimuli. Similar results were able to be observed even with 
concern scale. The above results suggest that VDV is the most appropriate evaluation value among 
the evaluation values examined in this study.  

 

  
(a) Maguitude scale (b) Discomfort scale 

Figure 5 – Comparison of Spearman's rank correlation coefficients on this experiment 
 
Figure 6 shows the relationship between VDV with Wd frequency weighting and subjective 

responses in the magnitude scale and discomfort scale measured in this experiment. In the figure, ρa 
and ρr represent the Spearman's rank correlation coefficient for all input stimuli and real vibrations. 
It can be seen that the correspondence between VDV and the subjective response is good even for the 
actual vibration whose acceleration amplitude and frequency content change with time. In addition, 
it agrees well with the result of the sinusoidal vibration. It is, therefore, considered that VDV with 
Wd frequency weighting is appropriate as an evaluation for the subjective responses to horizontal 
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building vibrations in small-scale residential building induced by road traffic and railways. 
 

  
(a) Maguitude scale (b) Discomfort scale 

Figure 6 – Relation between subjective response and metrics of all input stimuli  
:Road Elevated road Conventional railway Shinkansen Freight train 4 Hz 8 Hz  

 

4. CONCLUSIONS 
This study examined the evaluation method of environmental vibration based on the subjective 

responses for magnitude, concern and discomfort to horizontal building vibration caused by external 
vibration source such as road traffic and railway. It was found that VDV considering the duration of 
vibration by 1⁄4 power evaluated the subjective response most appropriately for the sinusoidal 
vibration and various actual vibrations. It turned out that Wd frequency weighting was able to evaluate 
properly the vibration with different frequency components in horizontal vibrations. 
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ABSTRACT 

Vibrations induced by road traffic and railways have caused regional environmental problems in Japan 

where it is common that small-scale buildings for residential use are located beside roads and railways with 

high traffic volume. An investigation was conducted to understand the relationship between traffic-induced 

vibrations inside and outside of building and annoyance response of building residents. Vibration 

measurements were made at seven residential buildings located beside roads and railways. Those buildings 

were single-family houses, which were two- or three-story wooden buildings. Acceleration time histories 

were recorded at three locations inside and outside of buildings to understand the vibration occurring in those 

buildings and the dynamic characteristics of the buildings. The buildings for measurement were selected 

from the houses of respondents in a separate questionnaire survey on vibration annoyance. The annoyance 

responses obtained in the questionnaire survey were compared with the results of vibration measurements 

and metrics available in the international standards. Subjective responses measured in a separate laboratory 

experimental study were also compared with the vibration evaluation determined from vibration 

measurements and the annoyance responses in the questionnaire survey. 

 

Keywords: Building vibration, Traffic induced vibration, Vibration assessment, Case examples 

1. INTRODUCTION 

Vibrations induced by road traffic and railways often degrade the habitability of surrounding 

buildings. The Vibration Regulation Law was enforced in 1976 in Japan. Road traffic vibration is  one 

of the targets of regulation, although railway vibration is out of scope of the law for several reasons. 

According to an annual report by the Ministry of the Environment, Japan, number of complaints 

against vibration in residential environment showed an increasing trend in recent years (1). In addition, 

there were many cases in which the assessment based on the law was inconsistent with adverse 

comments on vibration raised from building occupant. The problems in the vibration regulation may 

include the fact that the regulation is applied to vibrations outside of building, which can differ from 

vibrations in buildings. 

The previous studies of community responses to vibration have been much less than the studies of 

community responses to noise. Therefore, a questionnaire survey on vibration annoyance and 

associated field vibration measurements were conducted in areas where the effect of vibrations 

induced by road traffic and railway could be expected (2). During the survey, vibration 

measurements inside of several residential buildings, from which responses to the questionnaire 

survey were received, were conducted to accumulate the information about the dynamic 

characteristics of residential buildings and the relationship between vibration exposure and 

annoyance response in residential buildings. This paper presents the results of those measurement as 

case examples of vibration measurement and annoyance response in residential buildings beside 

roads and railways. In addition, the results of field measurement  of vibration and annoyance 

response were compared with the results of a laboratory experiment to understand possible 
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difference between subjective responses determined in laboratory studies and subjective responses 

obtained from field measurements (3). 

2. OVERVIEW OF FIELD MEASUREMENTS 

The measurements of vibrations induced by road traffic and railways were conducted in seven 

residential buildings. All buildings were wooden single-family detached houses with two or three 

stories. The residents of those buildings gave permission for a measurement inside of the building 

during a questionnaire survey on traffic induced vibration and noise reported in the reference (2). 

Table 1 summarizes the information of residential buildings and sources of vibration. The table also 

shows the annoyance response given by the resident of each building in the questionnaire survey to a 

question to ask the degrees of annoyance caused by vibration induced by road traffic or railway  in 

the last 12 months (2). The responses were given by selecting among from "Extremely", "Very", 

"Moderately", "Slightly" or "Not at all". 

 

Table 1 – Summary of residential buildings  

Building 

No. 

Number of 

floors 

Vibration source 
Questionnaire 

Response (2) Type Size 
Approximate traffic 

volume 

1 2 
Surface railway 8 tracks 980 trains/day 

Extremely 

2 2 Extremely 

3 2 Elevated railway 4 tracks 600 trains/day Moderately 

4 2 
Underground 

railway 
2 tracks N/A Extremely 

5 2 Surface and 

elevated roads 

6 lanes (surface) and 

4 lanes (elevated) 
120000 vehicles/day 

Extremely 

6 2 Very 

7 3 
Surface road and 

railway 
2 lanes 

17000 vehicles/day 

980 trains/day 
Very 

 

The measurements were conducted at location, time and day that the permission from residents 

were obtained. The duration of measurement at each building was about 1 hour for which the 

residents were asked to keep quiet environment and avoid activities in the building to a possible 

extent. 

Three measurement locations were selected among from ground near the building, foundation, 1st 

floor and 2nd floor, depending on the permission from residents. The measurement on building floor 

was made at a location where the vibration magnitude was expected to be maximum in a room with 

wooden floor. The measurement on the ground was made on a hard surface covering the ground, such 

as on a concrete surface in garage. 

The Vibration Level Meters, RION VM-53, were used to measure accelerations in three orthogonal 

axes with data recorders, either RION DA-20 or TEAC es8. Acceleration time histories were recorded 

at either 1000 samples/s or 1280 samples/s, depending on the available sampling rate in the data 

recorders. No frequency weightings were applied to the acceleration during the measurement. 

3. RESULTS OF VIBRATION MEASUREMENTS  

This section presents the results of vibration measurement in all buildings described above, except 

Buildings 5 and 7. In those two buildings, the vibration measurement was not possible at locations 

where the residents usually stayed and felt vibration during their daily life and, therefore, the 

comparison between the vibration measurement results and annoyance response discussed later may 

not be appropriate. The results of Building 1 are not shown in this paper due to limitations of space.  

The data presented in this paper are the results of 1/3-octave band analysis. The maximum value 
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in each frequency band was determined during a pass-by of train for railway and a series of pass-bys 

of vehicle dependent on traffic signal pattern for road traffic  that induced the maximum overall 

magnitude during the measurement. In the following figures, those maximum values in each 

frequency band are presented using the Vibration Acceleration Level, VAL, specified in JIS C 1510 

and 1517 (4, 5). Root mean square, r.m.s., accelerations were calculated for each frequency band 

with the exponential averaging with a time constant of 0.63 s and converted to VAL in dB with a 

reference of 10
-5

 ms
-2

, as opposed to 10
-6

 ms
-2

 defined in ISO 1683 (6). Differences in VAL between 

different measurement locations in a building are also presented in the following figures. 

3.1 Building 2 - surface railway 

Figure 1 shows a schematic diagram showing positional relation between the building and the 

nearest rail track and the measurement results for Building 2. The dominant frequency range of 

vibration transmitted to the building appeared to be 10 to 63 Hz. The vibration in Z-axis was dominant 

at the ground. The vibration decreased at the foundation in all axes in the frequency range above 20 Hz. 

However, the vibration in Z-axis increased at the building floor in the frequency range above 31.5 Hz, 

which was thought to be caused by vibration of building floor, as reported previously. In X- and Y-axes, 

the vibration increased at the 2nd floor at a frequency of 5 Hz. This increase might be caused by a 

horizontal vibration mode of building structure. 

 

  

  

Figure 1 – Building 2. Surface railway. (Grd: ground. Fnd: foundation. 2F: 2nd floor. VAL ref. 10
-5

 ms
-2

.) 

 

3.2 Building 3 - elevated railway 

Figures 2 shows the positional relation between the building and the nearest rail track and the 

measurement results for Building 3. The dominant frequency range of vibration transmitted to the 

building appeared to be between 40 and 50 Hz. Vibration magnitude at the ground were similar in three 

orthogonal axes, which was not observed for surface railway as shown in Figure 1. Although  the 

vibration magnitude was relatively small, a peak can be observed at 3.15 Hz in the vibration at the 

ground in all directions, which may be caused by the dynamic characteristics of elevated structures. As 

in Building 2, increases in the vibration in Z-axis at a higher frequency range and increases in the 

vibrations in X- and Y-axes were observed, although the frequency range where those increases were 

observed are different in those two buildings. 
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Figure 2 – Building 3. Elevated railway. (Grd: ground. Fnd: foundation. 2F: 2nd floor. VAL ref. 10
-5

 ms
-2

.) 

 

 

3.3 Building 4 - underground railway 

Building 4 was located about 30 m away from an underground rail tracks mainly for freight trains, 

as shown in Figure 3. The measurement results presented in the figure imply that significant vertical 

vibration was transmitted to the building, particularly, in the frequency range above 31.5 Hz, although 

the measurement at the ground was not made for this building. In Z-axis, the vibrations in the building 

showed different characteristics for the 1st and 2nd floors, which may be due to differences in the 

dynamic properties of the floors. In this building, the amplification of horizontal vibrations occurred 

relatively wider frequency range, i.e., 3.15 to 8 Hz, than the other buildings.  

 

3.4 Building 6 - surface and elevated roads 

Building 6 was located about 30 m away from surface and elevated roads. The effect of elevated 

road on vibration along the road appeared to be minor because the traffic volume in the surface road 

was much higher than the traffic volume in the elevated road. Figure 4 shows the results of 

measurement. The dominant frequency range of vibration transmitted to the  building appeared to be 

around 10 to 16 Hz. For horizontal vibrations, the vibrations measured at the 2nd floor tended to be 

greater than the vibrations at the foundation in the frequency range above 4 Hz in this building. In 

particular, the horizontal vibrations in the frequency range 5 to 6.3 Hz amplified by the building had a 

similar magnitude to the dominant frequency components of vertical vibration around 10 Hz. The 

vertical vibration increased at frequencies above 25 Hz at the 1st and 2nd floor, compared to the 

foundation, as observed in the other buildings.  
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Figure 3 – Building 4. Underground railway.  

(Fnd: foundation. 1F: 1st floor. 2F: 2nd floor. VAL ref. 10
-5

 ms
-2

.) 

 

 

 

  

Figure 4 – Building 6. Surface and elevated road.  

(Fnd: foundation. 1F: 1st floor. 2F: 2nd floor. VAL ref. 10
-5

 ms
-2

.) 

 

30 m

x

y
( : Measurement location)

Foundation

1st floor

2nd floor

( : Measurement location)

28.5 m

Foundation

x

y

C
e

n
te

r 
o

f 
n
e

a
re

s
t 

la
n
e

1st floor

2nd floor

3647



 

 

4. VIBRATION EVALUATION AND ANNOYANCE RESPONSE 

4.1 Vibration evaluation and questionnaire response 

Vibration evaluation was determined from the measured data based on ISO 2631-1 and -2 (7, 8). A 

previous experimental study in a laboratory showed that the Vibration Dose Value, VDV, was one of 

the best metrics to represent vibration discomfort (7). In this paper, therefore, VDV was used as a 

metric to evaluate vibration effect. A "single event VDV" was determined for each pass-by of train for 

railway vibration or each series of pass-bys of vehicle dependent on traffic signal pattern for road 

traffic vibration. The maximum single-event VDV for each building during the measurement is 

shown in Table 2. The values for Buildings 5 and 7 were not determined for the reason described 

above. 

Table 2 shows the annoyance response given by the resident of each building in the questionnaire 

survey (2), which are already shown in Table 1. As observed in the table, the vibration in the 

building with higher degree of annoyance response tended to result in a greater single event VDV.  

In addition, Table 2 shows the estimations of VDV for 24 hours on the ground at the positions of 

those buildings determined in the previous study based on the vibration measurements made outside 

of the building for several hours (2). The estimation of 24-hour VDV seems to be consistent with the 

annoyance response, except Building 5. The residents in Building 5 claimed that they were 

extremely annoyed by a couple of heavy trucks ran at a high speed in early mornings when the traffic 

volume was low. Their annoyance response may not be able to be evaluated by a metric based on 

vibration exposure only: there can be some combined effects from other factors, such as sleep 

disturbances and time of the day. 

The single event VDV shows a similar trend to the estimation of 24-hour VDV, which implies 

that the VDV determined for a single event could be used to assess vibration environment to some 

extent. However, the single event VDV may have underestimated the vibration severity in Building 6 

with a large road traffic volume, compared to Buildings 1 to 3 where the dominant vibration source 

was railway. The consideration of the effect of traffic volume, in other words, the duration and 

frequency of vibration exposure may improve vibration assessment, as expected.  

 

Table 2 – Vibration evaluation and annoyance responses 

Building 

No. 

Vibration 

source 

Single event VDV 

[ms
-1.75

] 

Estimation of 24-hour 

VDV [ms
-1.75

] (2) 

Questionnaire 

Response (2) 

1 Railway 0.0499 0.0850 Extremely 

2 Railway 0.0583 0.0925 Extremely 

3 Railway 0.0106 0.0137 Moderately 

4 Railway 0.0901 N/A Extremely 

5 Road traffic N/A 0.0369 Extremely 

6 Road traffic 0.0160 0.0656 Very 

7 Road and Rail N/A N/A Very 

 

4.2 Comparison with laboratory experiment 

The results of single event VDV were compared with the results in previous laboratory experiment 

in Figure 5 (3). In the previous experimental study, the evaluation of subjective responses to vibrations 

in detached houses caused by external vibration sources such as road traffic, railway and construction 

work was investigated in a laboratory experiment involving human subjects. The input stimuli in the 

experiment were generated from selected field vibration records for the duration shorter than 30 s, 

equivalent to a single event. Additionally, sinusoidal vibrations were used as input stimuli in the 

experiment. The subjective responses were measured by rating vibration discomfort in a living space 

with a 7-step scale from VII (not uncomfortable at all) to I (extremely uncomfortable). The responses 

determined from that ordinal scale were then converted to responses in an interval scale by the method 

of successive categories. In Figure 5, the results are shown in both interval and ordinal scales.  
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Figure 5 shows the comparison of the single event VDV determined for Buildings 2, 3 4 and 6 

with the previous experimental results. Buildings 2 and 4, whose annoyance response were 

"extremely", had the single event VDV in the range of subjective scale in the experiment between III 

and V, and from II to IV, respectively. Building 3 with the annoyance response of "moderately" 

showed the single event VDV corresponding to the subjective scale of VII , i.e., "not uncomfortable 

at all". The single event VDV for Building 6 also in the same range, although the annoyance 

response was "very". 

It is sometimes claimed that subjective responses measured in laborator ies are severer than 

responses in real residential environments for several reasons. The comparison made in Figure 5 may 

not necessarily support such a view. It can be interpreted that, for the same VDV, the annoyance 

responses in questionnaire survey were severer than the discomfort responses measured in laboratory 

experiment. However, a direct comparison between the responses in laboratory and the responses in 

real residential environments was not appropriate in this investigation, partly because the response to 

single vibration event was not determined in real residential environments. The annoyance responses 

obtained from the building residents shown here were based on the evaluation of vibration 

annoyance in the last 12 months, which may have been affected not only by vibration magnitude but 

by the traffic volume, combined effect from noise, and so on. 

 

 

Figure 5 – Comparison of measurement with previous laboratory experiment results (3). ●: input stimuli from 

field records; △: sinusoidal vibration. (Annoyance response - Building 2: Extremely; Building 3: 

Moderately; Building 4: Extremely; Building 6: Very.) 

 

5. CONCLUSIONS 

The case examples of vibration measurement and annoyance response in detached single-family 

houses discussed in this paper may show actual situations of habitability in residential buildings 

located beside roads and railways in Japan. The vibration measurement results showed examples of 

the characteristics of traffic induced vibrations and the dynamic properties of residential detached 

buildings. The comparison between vibration measurements and annoyance responses implied that 

metrics of vibration assessment that considered the magnitude, duration and frequency of vibration 

events could be used to predict a subjective response in residential environment for a long term, such 

as for one year in the study referred to in this paper. The Vibration Dose Value determined from a 

single vibration event might represent a long-term response to some extent and be used for an initial 

survey. Subjective responses measured in the previous laboratory study showed some consistency 

with annoyance responses in residential environment.  
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ABSTRACT 
The few existing exposure-response relationships describing the association between exposure to vibrations 
from rail traffic and annoyance were not always able to distinguish between the different types of trains. 
However, indications were found that exposure to vibrations caused by freight trains are stronger related to 
annoyance than exposure to vibrations caused by passenger trains.  Although the results of the studies 
looking into the difference in exposure-response functions describing the association between exposure to 
noise from trains and annoyance between the different train types are not consistent, there are also concerns 
that vibrations from freight trains may be more annoying than noise from passenger trains.  

This paper reports on a study investigating annoyance reactions due to vibrations and noise from 
different types of trains. To this end, we used data from the Swedish EpiVib project, collected by means of a 
survey carried out in 2017 among more than 7,200 people aged 18-80 years living in the Västa Götaland, 
Värmland and Örebro regions in Sweden close to the railway track.. 

Keywords: Railway noise, Vibrations, Annoyance 
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ABSTRACT 

The rapid development of air transport resulted in increased levels and wider influential scale of noise due to 
the airport operation. The number of flights operated and the housing conditions at residential areas around 
Noi Bai International Airport has increased significantly in the past nine years. The exposure noise levels 
(Lden) at surveyed sites ranged between 48 and 61 dB in 2009, but increased to range between 54 and 76 dB 
in 2017. General health indicators such as Body Mass Index (BMI), blood pressure, etc. were investigated in 
two surveys conducted in November 2017 and August 2018. Exposure-response relationships established in 
the five surveys conducted from 2014 to 2018 were found to be higher than that established in 2009 survey. 
Comparisons of respondents with high blood pressure and insomnia ratios at different noise exposure level 
ranges showed that there is no significant association between ratios of hypertension and noise exposure 
levels (Lden) but a significant exposure-response relationship was found between night-time noise exposure 
levels and insomnia. This study results suggested that improvement of residence quality and a restriction on 
nighttime flight operation should be considered to protect health of resident living around airports in Vietnam. 
Keywords: Aircraft noise, Annoyance, Health Effects. 

1. INTRODUCTION 
An increase of flight operation to meet the growing air travel demand have various negative 

environmental impacts, particularly noise and air pollution, that affects quality of life and health of 
communities living near the airport (1). However, the number of studies on this issue is very limited 
in developing countries where the aviation transport has the fastest growth rate (2). A socio-acoustic 
survey on community response to aircraft noise around Hanoi Noi Bai International Airport (HNBIA), 
Vietnam, was conducted in 2009 (3). The operation status of HNBIA was considered to be stable 
around the survey period. Since then, the number of operations of the aircraft has gradually increased, 
especially after the opening of the new terminal building in December 2014. To assess effects of a 
step change of noise exposure levels around HNBIA, step-change surveys were conducted once before 
and twice after the operation change happened. As a result, an excess response due to the step-change 
were found (4). To clarify whether this excessive reaction decreases over time or continues afterwards, 
two follow-up surveys were conducted in 2017 and 2018, which are about 3 years and 4 years after 
the step-change. Study results of individual surveys up to 2017 have been reported at previous 
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2 yano@gpo.kumamoto-u.ac.jp 
3 morihara@ishikawa-nct.ac.jp 
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Internoise conferences (5).  
In parallel with the change in air transport, the period from 2009 up to now has witnessed a 

dramatic change in Vietnam's economy and urbanization. As a result, the housing conditions of the 
Vietnamese people in general as well as the people living around HNBIA also changed. Since noise 
annoyance was found to vary through factors other than noise exposure such as housing, neighborhood 
environment, socio-demographic variables, and personal and environmental contexts (6, 7). Effect of 
noise change should be investigated using effects of both acoustic and such of non-acoustic variables. 
In this paper, the results of socio-acoustic surveys in nine years around HNBIA will be summarized 
with aims to assess effects of changes in operational and residential factors on public health and 
reactions at the vicinity of HNBIA. The outcomes from this study are expected to contribute to 
appropriate noise policy for improving the living environment around the airports in developing 
countries. 

2. METHODS 

2.1 Survey sites 

HNBIA has two parallel runways in the east-west direction (11L-29R and 11R-29L). Since the 
operation direction of the runway is influenced by the wind direction, the use of the flight path toward 
the east occupied near 80% of the total movements at HNBIA. As shown in Figure 1, nine surveyed 
sites (Sites 1-9) were selected around HNBIA in the 2009 survey. Four sites (Sites 1-4) located under 
the main landing path, 3 sites (Sites 7-9) located under the main takeoff route, 2 sites (Sites 5-6) 
located to the south of the runway. In the surveys from 2014 to 2018, a total of 13 sites (Sites A1 - 
A13), including 7 sites investigated in the 2009 survey, were selected. Particularly, three new sites 
A5, A6, A8 located close to the end of the runway of the airport, and two control sites A12 and A13 
located in the northeast direction of the airport. The control sites A12 and A13 have almost the same 
living environment as the other sites, but were assumed to be unaffected by aircraft noise. 

 

 
Figure 1．Map of all surveyed sites 

( Site－) : Selected sites of 2009 Survey       Survey sites added since the  2014 survey 

 

2.2 Socio-acoustic and health surveys 

In the series of surveys, Vietnamese questionnaires including two standardized annoyance 
questions recommended by ICBEN (8, 9) were prepared. Community responses in the vicinity of 
HNBIA were collected by the interview method. The percentage of respondents who were highly 
annoyed (%HA) was defined as the percentage of respondents who chose 8, 9 or 10 of the 11-point 
numerical scale (0-10). At the survey since 2014, the percentage of insomnia (% ISM) was defined by 
the frequency of sleep effects as proposed by the International Institute of Sleep (10) was used as an 
indicator of sleep effect caused by the flight operation during the night time. 

(Site 8) 

(Site 6) 

(Site 5) 

(Site 9) 

(Site 1) 

(Site 2) 
(Site 3) 

(Site 4) 

(Site 7) 

3653



 

 

In addition to general annoyance and sleep impacts, exposure to high levels of aircraft noise may 
adversely affect cardiovascular disease and other health categories (1). Since studies of health effect 
of aircraft noise has not so far been conducted for residents living near airports in developing countries, 
in the survey of 2017, data on the health status of residents such as body mass index (BMI) and blood 
pressure based on self-report were collected to evaluate the health effects of aircraft noise around 
HNBIA. Furthermore, in the survey in 2018, the blood pressure was measured with a blood pressure 
meter (OMRON HEM-6324T). Instead of questions about living conditions and the surrounding 
environment, questions about current health status such as BMI, blood pressure and heart rate were 
added. 

2.3 Noise measurement  

In the surveys until 2017, day-evening-night noise level (Lden) and nighttime equivalent noise level 
(Lnight (22:00-6:00)) were estimated from the field measurement of noise levels. Sound level meters (RION 
NL-42, NL-21, NL-22) were set up on the roof of houses selected at each surveyed site. A-weighted 
and S-weighted sound pressure levels (LA,S) sampled at 1 s were recorded continuously through 7 days. 
The noise data of each day for each site was compared with flight logs to identify the aircraft events 
and then calculate the Lden. Since the day, evening and night periods are different between countries, 
depending on the activity pattern of daily life, in this study, they are defined as the periods from 06:00 
to 18:00, from 18:00 to 22:00, and from 22:00 to 06:00, respectively. 

2.4 Flight operation data and noise estimation 

Airport operation data including flight logs and weather conditions were provided by the airport 
managers. Although HNBIA is in northern Vietnam which has four seasons, the flight operation at 
HNBIA is categorized into winter (late October to late March) and summer (in the remaining period) 
schedules. Depending on the weather condition, runway used for landing and taking off might varies. 
During the surveys conducted in 2014, 2015 and 2017, ADS-B (Automatic Dependent Surveillance-
Broadcast) receiver was installed to collect the flight route information. According to the flight logs, 
the average arrivals and departures a day in HNBIA were counted.  

In the survey of 2018, Lden and Lnight were estimated from a noise contours map created by using 
Integrated Noise Model (INM) instead of field measurements. The necessary data for creating the 
noise map such as flight logs was provided by the Civil Aviation Authority of Vietnam (CAAV). The 
flight route data were referred to the data of 2017 Survey.  

3. RESULTS 

3.1 Increase in number of flights and noise levels 

The number of flights operated and passenger number at HNBIA have increased significantly in 
the past nine years. Table 1 shows the average number of daily flights operated by HNBIA during 
each survey period. It can be seen that the number of flights observed in 2018 is about three times 
higher that of 2009 and 1.7 times higher than that of 2014. It could be seen that the number of flights 
increased sharply after the new terminal building was put into operation and has gradually increased 
since then. It is worth noting that the most recent number of nighttime flight events increased by 2.5 
times and 1.9 times, compared to the September 2014 “before new terminal building opened” survey 
and the latest “after the opening” survey for September 2015, respectively. Especially, the recent 
number of flight events at night increased sharply and occupied about one-fifth of the total number of 
flights. 

Table 2 shows the noise levels obtained during each survey period. Lden measured at the sites which 
were surveyed since 2009 increased from 48 to 61 dB in 2009 and 54 to 66 dB in 2018. Especially, 
Lnight (22:00-6:00) was found to increase about 10 dB higher at Sites A3 and A4. This result is consistent 
to the sharp increase of the flight movements during the night time at HNBIA 
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Table 1 – Average numbers of aircraft noise events 

Time period 
 Surveys 

Operation modes 8/2009 9/2014 2-3/2015 9/2015 11/2017 8/2018 

Day (6:00-18:00) 

Arrival 50 84 104 100 125 141 

Departure 51 90 109 107 139 123 

Total 101 174 213 207 264 264 

Evening (18:00-

22:00) 

Arrival 23 32 43 39 48 12 

Departure 14 16 27 22 35 13 

Total 38 48 70 61 83 25 

Night (22:00-6:00) 

Arrival 9 9 16 14 39 77 

Departure 10 21 26 25 37 94 

Total 19 30 42 39 76 171 

All day 

Arrival 82 125 163 153 211 230 

Departure 75 127 162 154 211 230 

Total 157 252 325 307 422 460 

Table 2 – Changes of noise exposure levels: Lnight (22:00-6:00) and (Lden) 

Site 
Lden Lnight(22:00-6:00) 

8/2009 9/2014 3/2015 9/2015 11/2017 8/2018 8/2009 9/2014 3/2015 9/2015 11/2017 8/2018 

A1 55 55 55 53 55 53 47 45 46 45 47 44 

A2 56 55 56 54 54 56 49 45 48 46 47 47 

A3 61 62 64 62 62 61 51 53 56 55 54 52 

A4 56 54 56 57 63 61 44 46 48 48 55 53 

A5 - 61 61 68 76 71 - 51 53 59 69 63 

A6 - 65 64 64 53 64 - 50 57 56 44 56 

A7 57 66 62 62 65 64 48 55 56 55 57 56 

A8 - 66 66 65 66 66 - 58 58 58 59 57 

A9 61 63 60 63 65 66 54 55 53 56 58 57 

A10 - 60 58 59 60 60 - 52 52 53 53 50 

A11 52 60 57 59 59 58 45 52 50 52 52 49 

A12 - 45 45 49 38 41 - 36 38 39 30 - 

A13 - 47 44 51 38 40 - 36 38 44 29 - 

3.2 Changes in Residential Factors 

In this study, residential factors such as length of residence, total floor area of the house, evaluation 
on sound insulation, location of the bedroom, air-conditioner installation are considered to be factors 
related to respondents’ reaction to noise. The average data of these factors obtained from the survey 
sites, including 9 sites of the survey in 2009, and 13 sites of the other surveys are summarized in Table 
3. The short length of residence was assumed to increase the respondents’ negative reaction to aircraft 
noise due to insufficient time to adapt to the living environment near the airport. The respondents 
living in larger houses with good insulation ability, bedroom not facing the road, and air-conditioner 
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installed were assumed to be less affected by noise than those living in smaller houses, with bad 
insulation ability, bedroom facing the road, and air-conditioner uninstalled. The survey result shows 
that more houses were installed air-conditioner after 2015. Within more than 2 years, corresponding 
to the positive change in the economy, the living amenities of the residents around HNBIA has been 
improved, including increased use of air conditioners. The percentage of the length of residence that 
is less than 5 years has decreased in the recent surveys.  

Table 3 – Changes of residential factor through the surveys from 2009 to 2018 

Residential factors (%) 8/2009 9/2014 3/2015 9/2015 11/2017 8/2018 

Length of residence <=5 years 12.5 14.8 10.3 11.0 8.8 6.2 

Floor area <=100m2 79.2 40.6 71.4 67.7 51.1 - 

Bad sound insulation  32.1 33.0 31.0 38.9 32.4 - 

Bedroom facing road 30.6 - 35.3 31.0 44.2 - 

Air-conditioner uninstalled - - 71.5 71.2 50.1 - 

3.3 Changes in Sleep Effects and General Annoyance 

As shown in Table 4, there is a dramatic increase of %ISM at Site A5, which increased from 17% 
in September 2015 to 43.8% in November 2017. This result is consistent with a 10 dB increase in the 
nighttime noise level measured at Site A5. However, the same trends were not found with the general 
annoyance defined by %HA. Despite a slight increase in Lden between 2015 and 2017, %HA decreased 
at Sites A7 and A9, which located under the take-off path of aircrafts. A decrease in %HA was seen in 
all sites under the landing path, except for site A3.  

Table 4 – Percentage of highly annoyed (%HA) and percentage of insomnia (%ISM) 

 %HA %ISM 

8/2009 9/2014 3/2015 9/2015 11/2017 8/2018 9/2014 3/2015 9/2015 11/2017 8/2018 

A1 6.5 8.2 5.7 2.0 0.0 20.0 1.4 1.1 0.0 0.0 20.0 

A2 11.5 9.1 35.8 28.9 14.3 20.0 0.0 6.9 3.1 4.2 20.0 

A3 57.0 59.1 71.1 65.3 95.7 60.0 17.0 20.2 21.9 2.2 22.2 

A4 68.4 48.2 83.3 92.0 77.8 60.0 17.5 26.5 22.4 19.1 20.0 

A5 - 47.7 73.9 96.0 91.7 90.0 8.9 33.7 17.0 43.8 40.0 

A6 - 70.8 63.8 84.0 83.0 60.0 4.6 7.5 20.0 17.0 10.0 

A7 8.3 44.1 12.4 60.6 10.4 20.0 5.4 17.5 9.0 0.0 10.0 

A8 - 58.2 55.1 68.5 33.3 80.0 33.3 1.0 7.4 8.3 10.0 

A9 20.0 28.4 37.8 56.0 53.2 10.0 6.7 5.6 24.0 10.6 10.0 

A10 - 10.1 10.3 28.0 34.0 0.0 6.1 5.1 12.1 10.4 10.0 

A11 4.7 9.0 5.5 11.2 12.0 40.0 0.0 4.2 5.1 0.0 30.0 

A12 - 0.0 0.0 2.0 0.0 9.1 0.0 0.0 1.0 0.0 - 

A13 - 0.0 0.0 3.2 0.0 0.0 6.3 1.4 1.0 0.0 - 

Figure 2 shows a comparison of (a) Lden - %HA and (b) Lnight(22:00-6:00) - %ISM relationships 
established by using data obtained from all the surveys. The Lden - %HA relationships of the follow-
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up survey in 2017 and 2018, which were conducted about 3 and 4 years after the step-change, are 
lower than that of the 2015 surveys which were carried out immediately after the change within the 
range of Lden over 60 dB, but higher than the exposure-response relationship established for the 2009 
and 2014 surveys and the curved presented in EU position paper (11). In other words, the excess 
response due to the step change seems to decrease with time, but still remains higher than the reaction 
before the terminal is completed at the same noise exposure level. However, considering the Lnight(22:00-

6:00) - %ISM relationships, the relationship obtained by the 2017 survey data is lower, while that of 
the  2018 survey is higher than the relationships obtained in the previous survey. This result indicates 
that causal structure of insomnia might be different from that of annoyance. This discrepancy should 
be explained not only by the amount of noise exposure but also by other various non-acoustical factors. 

(a) %Highly Annoyed (%HA)                          (b) %Insomnia (%ISM) 

Figure 2 – Comparison of the relationships synthesized from the data of                                     

each survey from 2009 to 2018 

 

Figure 3 – Comparing relationships between the changes in noise levels and the change in highly 

annoyance and insomnia (△Lden - △%HA and △Lnight(22:00-6:00) - △%ISM) 
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The association between changes in noise levels (△Lden and △Lnight(22:00-6:00) ) and the change in 
highly annoyance (△%HA) and insomnia (△%ISM) were compared in Figure 3. The data of the survey 
conducted in 2014 (1st) was considered as a base of the comparisons. The difference in data of the 
surveys conducted in Mar 2015, Sep 2015, 2017, and 2018 compared with the data of the 2014 survey 
were (2nd-1st ), (3rd-1st ), (4th-1st ), (5th-1st ), respectively. Regarding the relationships of △Lden and
△%HA, the slope of the regression line for the (2nd–1st) Survey is steepest. It could be observed that 
the slope is decreasing with the recent surveys. Accordingly, the lowest slope is found with the data 
of the most recent survey compared to the first survey. In other words, the change of annoyance 
corresponding to the noise level has become less excessive in the follow-up surveys than the survey 
conducted shortly after the change. This trend could not be seen clearly with the changes in △
Lnight(22:00-6:00) and △%ISM. A significant association was found between ISM and Lnight(22:00-6:00) 
(Table 6). An increase in noise level due to the increase in the number of flight movements at night 
has been shown to have an adverse effect on the quality of sleep and the health of residents living near 
the airport. According to the results of logistic regression analysis shown in Table 5, the residential 
factors such as sound insulation, location of the bedroom, the use of air-conditioner had significant 
effect on the rates of annoyance and insomnia. 

Table 5 – Multiple logistic regressions for annoyance and insomnia 

Annoyance 

Term Estimate Std Error ChiSquare Prob>ChiSq 
Odds 

Ratio 

95% CI 

Lower 

95% CI 

Upper 

Intercept -11.428 0.692 273.020 <.0001    

Lden 0.196 0.011 307.390 <.0001 1.217 1.190 1.244 

Live<5years 0.373 0.173 4.650 0.031 1.452 1.035 2.037 

S<100m2 -0.185 0.108 2.920 0.088 0.831 0.672 1.028 

Sound insulation -0.828 0.101 67.120 <.0001 0.437 0.358 0.533 

Bedroom 

direction 
-0.303 0.106 8.140 0.004 0.739 0.600 0.910 

Air conditioner -0.623 0.114 30.150 <.0001 0.536 0.429 0.670 

Insomnia 

Intercept -5.802 0.721 64.840 <.0001    

Lnight(22:00-6:00) 0.083 0.013 43.250 <.0001 1.087 1.060 1.114 

Live<5years 0.162 0.246 0.440 0.509 1.176 0.726 1.906 

S<100m2 0.020 0.147 0.020 0.892 1.020 0.765 1.361 

Sound insulation -0.514 0.136 14.270 <.0001 0.598 0.458 0.781 

Bedroom 

direction 
-0.496 0.138 12.860 <.0001 0.609 0.464 0.799 

Air conditioner -0.760 0.172 19.550 <.0001 0.467 0.334  0.655  

3.4 Health Effects 

In this study, hypertension was defined as if the systolic and diastolic blood pressure were higher 
than 120 and 80 mmHg, respectively. A comparison was made to examine the relationship between 
Lden and % hypertension (Table 6). Comparisons of respondents with high blood pressure at different 
noise exposure level ranges showed that there is no significant association between ratios of 
hypertension and noise exposure levels (Lden).  
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Table 6 – Comparison of high blood pressure ratios at different noise level ranges of the 2017-2018 surveys  

 
Noise level ranges Lden (dB) 

p value 
<50 50-55 55-60 60-65 65-70 >70 

11/2017 % 57 47 41 20 71 100 0.677 

 Response number 21/37 27/58 9/22 5/25 5/7 12/12  

8/2018 % 55 50 66.7 72.5 45 70 0.681 

 Response number 11/20 5/10 20/30 29/40 9/20 7/10  

4. CONCLUSIONS 
In this study, it seems that the excess response due to the step-change decreases over time, but the 

response is still high compared with those obtained before the opening of the new terminal at the end 
of 2014 at the same noise level. An increase in the number of flights operated at night negatively 
affects the quality of sleep. It should be considered to protect the living environment in the vicinities 
around the airports in Vietnam by improving the residence quality and restricting night operation and 
formulating policy regarding aircraft noise. 
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ABSTRACT 
Aircraft noise can disrupt sleep and impair recuperation. The most recent US investigation on the effects of 
aircraft noise on sleep was conducted more than 20 years ago. Since then, traffic patterns and noise levels 
produced by single aircraft have changed substantially. It is therefore important that field studies be 
conducted in the U.S. to acquire current data on sleep disturbance relative to varying degrees of noise 
exposure. To inform the design of a larger national study, a pilot field study was conducted around Atlanta 
Airport. The primary goal was to assess feasibility of acquiring acoustical and physiological data with no 
investigator on site and equipment mailed to participants who then applied electrodes and started and stopped 
measurements each night on their own. We mailed 4080 recruitment questionnaires to randomly selected 
households exposed to aircraft noise (≥35 dB LAEq,23-07,outdoor). Among the 407 respondents, 34 participated 
in the unattended five night in-home study. Indoor sound levels were determined via measurement. Arousal 
from sleep was recorded via a device measuring body movement and electrophysiological heart rate. Self-
reported sleep was assessed with morning questionnaires. Several ways to improve data quantity and quality 
were identified. Overall, the approach was found to be feasible. 
 
Keywords: Aircraft noise; sleep; physiologic field study; postal questionnaire study 

1. INTRODUCTION 
Aircraft noise can disturb sleep and impair recuperation (1-3). The most recent US investigation 

on the effects of aircraft noise on sleep was conducted more than 20 years ago. Since then, traffic 
patterns and noise levels produced by single aircraft have changed substantially. It is therefore 
important that field studies be conducted in the U.S. to acquire current data on sleep disturbance 
relative to varying degrees of noise exposure. 

As self-assessments of sleep are unreliable, an inexpensive yet sound study methodology is needed 
for field studies on the effects of aircraft noise on sleep. For this purpose, the authors developed an 
automatic ECG-based algorithm for the detection of changes in heart rate associated with cortical 
arousals (4). This algorithm was later revised to better reflect EEG-based awakenings, and actigraphy-
based body movements were included as one of the predicting signals (5). This methodology was first 
piloted in a field study on the effects of aircraft  noise on sleep around Philadelphia International 
Airport (PHL). In this study, investigators were still on site for equipment setup and collection on the 
first and last day of the study. While feasible, this approach would make a national sleep study around 
multiple U.S. airports a logistical challenge and expensive. Earlier work by the authors demonstrated 
that ECG electrodes and actigraphs are non-invasive and can be easily applied by study participants 
themselves, greatly reducing methodological study cost compared to fully attended studies. In a pilot 
study presented in this report, the methodology of using ECG and actigraphy to monitor sleep was 
implemented in a second – this time unattended – pilot field study on the effects of aircraft noise on 
sleep around Atlanta Hartsfield-Jackson International Airport (ATL). 

The primary objective of this study was to continue improving study methodology, in particular 
the quality and quantity of data that could be obtained when recruiting participants by postal 
                                                        
1 basner@pennmedicine.upenn.edu 
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questionnaire, shipping them the physiological and noise measurement equipment, and the setup of 
the equipment and recording of data by the participants themselves, unattended. A secondary objective 
of the study was to compare objective and subjective measures of sleep and health between groups 
exposed to different levels of nocturnal aircraft noise (not reported here). 

2. METHODS 
We mailed 4080 questionnaires containing items on sleep, health and noise disturbance to 

residences around ATL that were exposed to at least 35 dB LNight (LAEq,23-07,outdoor) aircraft noise (see 
Figure 1). A number of different mailing strategies were adopted to maximize response rates.  

 

 

Figure 1: Noise exposure contours and population weighted centroid of census tracts around Atlanta 

Hartsfield-Jackson International Airport (ATL). 
 

 

Figure 2: (A) Sound recorder (Zoom H5) and (B) Faros 90 actigraphy and heart rate monitor 
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From among the questionnaire respondents, 37 participants were initially recruited into the field 
study, with 34 participants completing five nights of unattended sleep measurements and 3 recruits 
dropping out before the study began (see Figure 2 for a description of the field study set-up). 

3. RESULTS 
Small prepaid cash incentives and sending follow-up reminder and survey waves were an effective 

method of improving response rates. Completed questionnaires were received from 407 respondents, 
who were broadly representative of their geographical region. Among these respondents, after 
adjustment for sociodemographic factors, calculated outdoor night-time (23:00-07:00) air traffic noise 
was significantly associated with self-reports of worse overall sleep quality, with those living in the 
50<55 dB LNight region reporting significantly worse sleep quality than those in the reference region 
(35<40 dB LNight). Residents in the highest 3 levels of air traffic noise (≥45 dB) were significantly 
more likely to report that air traffic disturbed their sleep than those in the reference group, and those 
in the highest 2 levels (≥50 dB) were significantly more annoyed by air traffic noise than those in the 
reference group. Calculated outdoor night-time air traffic noise was also associated with trouble 
falling asleep within 30 minutes, greater difficulty staying awake during the day, and greater difficulty 
concentrating. Residents in areas exposed to higher levels of air traffic noise coped by closing the 
windows at night. We did not find a significant effect of nocturnal aircraft noise exposure on any of 
the investigated self-reported health outcomes. 

Of the 34 participants completing five nights of unattended sleep measurements , data of sufficient 
quality and quantity to investigate the effects of aircraft noise on sleep were obtained, despite some 
data loss in the field study due to technical issues with the equipment and non-compliance among the 
participants. The technical issues were the main cause of data loss however, and non -compliance was 
low, with both physiologic and acoustic data collected by the participants in 87.6% of all study nights.  

4. DISCUSSION 
Concerning the primary objective of the study, evaluation of the feasibility of the study 

methodology, we demonstrated both the feasibility of recruiting field study participants by postal 
questionnaire in a larger, more nationally representative sample  for future studies around multiple 
airports, and the feasibility of mailing equipment to participants to obtain unattended physiologic and 
acoustic measurement data. We also identified ways to maximize response rate to the recruitments 
survey. 

Regarding the secondary objective of the study, investigating noise-induced effects on physiologic 
and self-reported sleep, a number of statistically significant outcomes were found, including 
associations between aircraft noise and physiologic and recalled awakenings. However, these findings 
are from a sample population of limited size, living close to a single airport. The findings of 
physiologic and self-reported effects of aircraft noise on sleep may not be representative of response 
among a demographically diverse national study population exposed to different patterns of nocturnal 
aircraft noise. A larger-scale study among such a population should be performed in the future, and 
the approach used in the present pilot study has been demonstrated to be feasible for  this purpose. 

5. CONCLUSIONS 
In this study, we investigate feasibility of an unattended field study on the physiological effects of 

aircraft noise on sleep. Several ways to improve data quantity and quality were identified. Overall, 
the approach was found to be feasible. 
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EXTENDED ABSTRACT 

 

Background: Disturbances of sleep represent adverse effects of nocturnal aircraft noise exposure. 

These disturbances can include awakening reactions, changes in the sleep depth and sleep continuity. 

Restorative sleep is vital for physiological and cognitive development of children. Children are less 

capable to estimate threats from environmental stressors and to use adequate coping strategies (1, 2). 

Moreover, they are in a sensitive developmental period (2). Children who are exposed to high 

transportation noise levels from an early age may have higher risks for cardiovascular problems in 

their adult life (3). Furthermore, children generally sleep longer than adults and during shoulder times 

of the night when (air) traffic density is high. They are therefore considered vulnerable to the negative 

consequences of transportation noise (4, 5). However, little is known about childhood sleep exposed to 

transportation noise. An investigation seemed particularly necessary due to the differences of sleep 

architecture between children and adults. The present study aimed at closing the research gap 

regarding the acute effects of nocturnal aircraft noise on sleep of primary school children. 

 

Methods: We investigated the effect of aircraft noise on sleep in a field study in 51 children aged 

8 to 10 years. All participants resided near Cologne/Bonn Airport  representing an important German 

hub with a 24-h operating scheme. Aircraft noise was the dominant noise source at all measurement 

sites. Participants were screened for hearing impairments and age-adequate normal bedtimes. We 

excluded individuals with intrinsic sleep disorders, medical conditions, or medication use which might 

have interfered with the study protocol or the interpretations of the results of the study. Sleep was 

measured polysomnographically (via EEG, EMG, EOG, ECG, and pulse oximetry) during four 

consecutive nights. The first night served as adaptation to the protocol and the measurement devices. 

Sleep stage classification was based on the criteria of Rechtschaffen and Kales (6). In addition, 

subjects rated their sleep quality and current fatigue each morning using a verbal five-point scale with 

graphical anchors. During all nights, aircraft and ambient sounds and sound pressure levels were 

recorded continuously with a one class-1 sound level meter next to the children’s ears. Aircraft noise 

exposure was quantified by the number of aircraft noise events above 30 dB(A) per night. We 

considered only aircraft noise events which did not overlap with sounds from other sources. 

144 nights with valid data regarding acoustic as well as objective and subjective sleep 

measurements were available for statistical analyses. For the prediction of objective and subjective 

sleep quality from aircraft noise exposure, we applied mixed models with random intercept and the 

number of noise events as dichotomous factor (median split at 37.5 events). The following variables 

were analyzed: a) sleep onset latency to stage 2 (in min), b) sleep efficiency (proportion of sleep time 

during time in bed, in %), c) proportion of slow wave sleep (S3 and S4) per total sleep time (in %), d) 

proportion of REM sleep per total sleep time (in %), e) wake duration during sleep period time (in %), 

f) self-rated sleep quality, g) self-rated fatigue in the morning. In addition, we applied linear mixed 

models with random intercept to analyze the relationship between objective and subjective sleep 

measurements. 

 

Results: Aircraft noise exposure affected the macrostructure of sleep. A higher number of noise 

events during the night was associated with a reduction of the proportion of slow wave sleep in total 

seep time by 2.6 % (p = .034) and an increase of waking during sleep period time by 1.2 % (p = .023). 
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Sleep onset time tended to be longer by 3.3 min in nights with higher noise exposure (p = .062). Sleep 

efficiency was not significantly reduced in higher exposed nights (p = .112), neither was the proportion 

of REM sleep per total sleep time (p = .834). 

Subjective sleep quality and self-rated fatigue in the morning did not differ between nights with 

higher and lower aircraft noise exposure (p = .694, and p = .269, respectively). Except for the 

proportion of wakefulness per sleep period time (p < .001), the above mentioned objective sleep 

measures were not significantly related to subjective sleep quality. On a trend level, subjective sleep 

quality decreased with longer sleep onset latencies (p = .055) and lower sleep efficiencies (p = .074). 

Self-rated fatigue increased with longer wake durations during the sleep period time (p =.036). There 

was no significant or trend-level relation between any of the other objective sleep parameters and 

subjective fatigue. 

 

Discussion and conclusion: Our results showed an impact of aircraft noise exposure on the sleep 

architecture of primary school children. Significant effects were found for the proportion of slow wave 

sleep per total sleep time as well as wake duration during the sleep period. With exception for REM 

sleep, which was not affected by aircraft noise exposure, these findings are roughly in line with results 

from prior studies with adult participants. To evaluate the effects of aircraft noise on sleep architecture 

in the context of the existing body of knowledge, a comparison is sometimes drawn to the impact of 

intrinsic sleep and breathing disorders on sleep structure. For adults, the impact of aircraft noise on  

sleep is considered subtle compared to the more severe fragmentation of sleep and reduction of slow 

wave sleep due to, for instance, the obstructive sleep apnea syndrome (OSAS, 7). However, for 

primary school children, effects of OSAS on sleep architecture have been shown to be much smaller. In 

a very recent study (8), comparing children with OSAS to a healthy control group, the magnitude of the 

loss in slow wave sleep per total sleep time (3.3 %) and sleep efficiency (1.0 %) were similar to our 

results. These small but recurring disturbances of slow wave sleep have been postulated as a risk for 

metabolic, cognitive, and cardiovascular diseases (8, 9). Therefore, the consequences of chronic 

aircraft noise-induced loss of slow wave sleep need further investigation. 

It is important to stress that the current findings and conclusions apply to a continuous nighttime 

noise scenario as is the case at Cologne/Bonn Airport, but they should not be generalized to all airports. 

Compared to other national and international airports with a night flight ban between e.g. 23:00  h and 

05:00 h, the number of flights during the shoulder times of the night is moderate at Cologne/Bonn 

airport. It would be very important to know the consequences of a night curfew scenario. These 

scenarios are characterized by dense air traffic during the hours before 23:00 h, overlapping with the 

early part of primary school children’s sleep, and by the absence of air traffic during the middle part of 

their sleep episode. 

As found and discussed previously (10), self-assessments of sleep do not necessarily correlate with 

objective sleep measures in adults. Present results suggest that this holds true for children a well. With 

exception for wakefulness during the sleep period time, the objectively measured deterioration of 

sleep architecture was not mirrored by self-rated sleep quality and fatigue in the morning. Our findings 

underline the importance of objective measures for identifying noise-induced changes in sleep.  

 

Keywords: aircraft noise, children, sleep, field-study 

 

REFERENCES 

 

1. Bruni L, Novelli R, Ferri, R Sleep disturbance in children by noise. In: Nriagu JO, editor. Encyclopedia 

of Environmental Health. Amsterdam, the Netherlands: Elsevier Science and Technology; 2011. p 

88-94. 

2. van Kamp I, Davies H. Noise and health in vulnerable groups: a review. Noise & Health, 2013;15:153–

159. 

3. van Kempen E, Casas M, Pershagen G, Foraster M. WHO Environmental Noise Guidelines for the 

European Region: A Systematic Review on Environmental Noise and Cardiovascular and Metabolic 

Effects: A Summary. International Journal of Environmental Research and Public Health. 

2018;15(379):1-59. 

3665



 

 

4. Basner M, McGuire S. WHO Environmental Noise Guidelines for the European Region: A Systematic 

Review on Environmental Noise and Effects on Sleep. International Journal of Environmental 

Research and Public Health. 2018;15(519):1-45. 

5. Stansfeld SA, Clark C. Health effects of noise exposure in children. Current Environmental Health 

Reports. 2015, DOI 10.1007/s40572-015-0044-1. 

6. Rechtschaffen A, Kales A, Berger RJ, Dement WC, Jacobsen A & Johnson LC. A manual of 

standardized terminology, techniques and scoring system for sleep stages of human subjects. 

Washington, D.C, USA: Public Health Service, U.S. Government, Printing Office.1968. 

7. Basner M, Griefahn B, Berg M. Aircraft noise effects on sleep: Mechanisms, mitigation and research 

needs. Noise Health, 2010;12: 95-109. 

8. Durdik P, Sujanska A, Suroviakova S, Evangelisti M, Banovcin P, Villa MP. Sleep architecture in 

children with common phenotype of obstructive sleep apnea. Journal of Clinical Sleep Medicine. 2018; 

14(1): 9-14. 

9. Wiater A Paditz E, Schlüter B, Scholle S, Niewerth HJ, Schäfer T, Erler T, Schachinger H. Obstruktives 

Schlafapnoesyndrom im Kindesalter. Deutsches Ärzteblatt. 2002;99 (49), A-3324-A3330. 

10. Basner M, Brink M, Elmenhorst E-M. Critical appraisal of methods for the assessment of noise effects 

on sleep. Noise & Health.2013;14(61):321-329. 

 

 

3666



 

PROCEEDINGS of the  
23rd International Congress on Acoustics  
 

9 to 13 September 2019 in Aachen, Germany 
 
 

 

The effect of road traffic noise spectrum on sleep 

Valtteri HONGISTO1,2; Saana MYLLYNTAUSTA3 
1 Finnish Institute of Occupational Health, Turku, Finland 

2 Turku University of Applied Sciences, Turku, Finland 

3 University of Turku, Turku, Finland. 

ABSTRACT 

PURPOSE. Two façades having nominally equivalent sound insulation declaration, such as Rw+Ctr value, 
may have very different frequency behaviors leading to different spectrum of road traffic noise (RTN) indoors. 
Because spectrum affects annoyance of sound, spectrum may also affect sleep quality. Our purpose was to 
determine, how the spectrum of RTN affects sleep.  
METHODS. Twenty-one participants slept three nights in a sleep laboratory in three different conditions: LF 
(low frequency prominence, 37 dB), HF (high frequency prominence, 37 dB), and Q (control, quiet, 19 dB). 
Conditions LF and HF were created by filtering an outdoor recording of RTN through two filters 
corresponding to two different sound insulation spectra but equal value of Rw+Ctr = 37 dB. Sleep quality was 
measured both objectively (polysomnography) and subjectively (questionnaires).  
RESULTS. Subjective sleep quality was worse in conditions LF and HF than in Q. Duration of slow wave 
sleep (deep sleep) was shorter in LF and HF than in Q. LF and HF did not differ from each other. After the 
experiment, most of the participants rated condition HF as the most disturbing for sleep.  
CONCLUSIONS. High frequency RTN may be more adverse for sleep than low frequency RTN, but more 
research is needed. 
 
Keywords: Sleep, environmental noise, façade sound insulation 

1. INTRODUCTION 
Nighttime noise level regulations concern usually the upper limit for the A–weighted equivalent 

sound pressure level (SPL) during the nighttime, such as LAeq22-07. In addition to that, penalty is often 
applied if the sound contains specific properties which may increase the annoyance of sound, such as 
impusivity or tonality. According to several studies, also the spectrum of sound affects annoyance 
(25). This suggests that the spectrum could also affect sleep disturbance.  

Proper façade sound insulation is the most important way of protecting residents from 
environmental noise. The dimensioning of the façade is usually made in Europe by a dimensioning a 
minimum value for the sound insulation using a single-number quantity of ISO 717-1 standard (6). 
Different single-number quantities are, however, used in different countries. In Finland, the target 
value for the entire façade and for façade components are described by Rw+Ctr. The sound insulation 
spectrum of two different façade constructions having the same value of Rw+Ctr can, however, differ 
drastically (Figure 1a). The frequency dependence of sound insulation may, therefore, affect sleep.  

There is at least one study which has studied the sole effect of spectrum (7) on sleep quality. They 
found that ground-borne noise from railway tunnels having larger emphasis on high frequencies 
affected sleep more than similar sound having larger emphasis on low frequencies with the same LAeq. 
Studies about the effects of the spectrum of road traffic noise (RTN) do not exist.  

Our purpose was to determine, how the spectrum of RTN affects sleep when LAeq = 37 dB.  
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2. MATERIALS AND METHODS 
We conducted a sleep study in laboratory conditions. The participants were recruited from student 

organizations. The inclusion criteria were normal hearing, a fairly regular sleep-wake rhythm, and 
being a normal sleeper (e.g. absence of sleep apnea). The participants were also required to live in an 
apartment building close to or nearby a busy road, as we wanted to avoid volunteers who are not 
accustomed to neighbor or environmental noise. It was also required that the participants did not do 
shift or night work, or take naps regularly.  

The study sample consisted of 21 healthy volunteers (19 women). Their mean age was 25 years. 
The participants were given 60 Euro gift token for their participation. The experiment was approved 
by the ethics committee of the Hospital District of Helsinki and Uusimaa.  

Our study involved three sound conditions, LF, HF, and Q. The spectra are shown in Figure 1b. 
Each of them were presented in three different rooms (Figure 2). Sound condition LF consisted of 
RTN having more emphasis on low frequencies (37 dB LAeq,8h) than sound condition HF (37 dB LAeq,8h). 
Sound condition Q was a reference condition representing full silence (17 dB LAeq,8h).  

RTN for the laboratory experiment was recorded at a busy urban crossroads between 10 p.m. and 
7 a.m. (Figure 1b, outdoor noise). The SPL of sound condition LF (Lin,LF) was obtained by reducing 
the the sound reduction index (RLF of Figure 1a) from the SPL of outdoor RTN (Lout), i.e. Lin,LF=Lout - 
RLF. Similarly, Lin,HF=Lout – RHF. The resulting sound conditions LF and HF had, therefore, drastically 
different spectra but the same A-weighted SPL (Figure 1b). The time profile of nocturnal RTN is 
shown in Figure 1c.  

The study was conducted in the sleep laboratory of Finnish Institute of Occupational Health (Figure 
2a) during fall 2014. The participants slept in the laboratory for 4 successive nights (MonFri). The 
first night was reserved for habituation. Repeated measures design was applied so that each participant 
slept one night from 11 p.m. to 7 a.m in each room. The order of the rooms (sound conditions) was 
counter-balanced. Sound was produced into the room using loudspeakers hidden behind fake windows. 
The target spectrum of Figure 1b in the position of sleeper’s head in the room was obtained by 
applying one-third-octave filtering (Adobe Audition).  

Objective sleep quality was measured using polysomnography. Subjective sleep quality was 
determined using questionnaires on mornings and evenings. Furthermore, the sound conditions with 
respect to their sleep disturbance were ranked retrospectively after the whole experiment by a 
questionnaire. 

Statistical analysis was done using ANOVA or Friedman’s test. Paired comparisons between two 
sound conditions were done with paired-samples t-test or Wilcoxon signed-rank test.  

 

  
Figure 1. (a) Sound reduction index R’ as a function of frequency, f, for two façade constructions having 

nominally the same airborne sound reduction index against road traffic noise, Rw + Ctr = 37 dB. (b) 

Unweighted 8-hour equivalent SPL, LZeq,8h, as a function of frequency for sound conditions LF, HF, and Q. 

(c) The 10-minute equivalent A-weighted SPL of RTN as a function of time in the experimental room.  
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Figure 2. Left: the layout of the laboratory indicating three rooms for each sound condition LF, HF, and Q. 

Right: retrospective ranking of the three sound conditions with respect to their sleep disturbance.  

3. RESULTS 
Duration of slow wave sleep (SWS) was shorter in sound condition LF and HF than in Q. Sound 

condition did not have other effects on objective measures (Table 1). Subjective sleep quality was 
worse for many measures in sound conditions LF and HF than in Q (Table 2). However, sound 
conditions LF and HF did not differ statistically significantly from each other for any measure. RTN 
was the only environmental factor notably affecting sleep quality after the first night when the 
participants habituated to the environment (Table 3). After the experiment, 81% of participants rated 
the sound condition HF worst with respect to sleep disturbance (Figure 2b, p<0.001). 

4. CONCLUSIONS 
RTN presented at a level of 37 dB LAeq had an adverse effect on sleep both with subjective and 

objective measures compared to silence (17 dB). The finding concerned both studied RTN spectra, i.e. 
LF (low frequency content higher) and HF (high frequency content higher). Statistically significant 
differences were not found between the two RTN spectra. However, the retrospective ranking of the 
three sound conditions indicated that spectrum HF was the most adverse for sleep. Smith et al. (7) 
found that ground-borne noise from railway tunnels having high emphasis above 100 Hz led to greater 
elevations of heart rate and arousal probability than similar noise having high emphasis below 100 
Hz. Smith et al. found objective evidence and we found retrospective subjective evidence. It is, thus, 
possible that high frequency RTN could be more adverse for sleep than low frequency RTN. More 
research is needed in this field. 

 

Table 1. The results of objective sleep quality measures.  
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Sound condition

LF HF Q p
Variable M (SD) M (SD) M (SD)
Sleep latency [min] 14 (13) 13 (10) 13 (11) >0.1
WASO duration [min] 19 (15) 18 (13) 15 (16) >0.1
No. of arousals 49 (23) 54 (24) 47 (24) >0.1
N1 duration [min] 29 (14) 32 (17) 27 (13) >0.1
N2 duration  [min] 228 (28) 225 (28) 218 (43) >0.1
SWS duration [min] 86 (30) 89 (25) 97 (27) 0.01
REM duration [min] 104 (24) 104 (24) 111 (27) >0.1
M= mean, SD = standard deviation, SWS= Slow wave sleep,

REM= rapid eye movement sleep, WASO=wake after sleep onset
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Table 2. The results of subjective sleep quality measures. Means (M) and standard deviations (SD). 

 

 

Table 3. The disturbance caused by different environmental factors on sleep.  
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Sound condition
LF HF Q p

Subjective variable M (SD) M (SD) M (SD)

Satisfaction with sleep
a 0.1 (1.1) 0.3 (1.0) 1.0 (1.0) 0.02

Subjective sleep latency
b 2.1 (1.1) 1.9 (1.1) 1.5 (0.9) 0.01

Subjective sleep difficulties
b 2.2 (1.0) 2.1 (1.1) 1.6 (1.0) 0.01

Subjective recovery
b 3.2 (1.0) 3.2 (0.9) 3.5 (1.2) 0.29

a
  Response range: -2 Very dissatisfied, +2 Very satisfied

b
 Response range: 1 Not at all, 5 Very much

1st night LF HF Q
Item M (SD) M (SD) M (SD) M (SD)
Road traffic sound*** 1.2 (0.5) 2.5 (1.2) 2.8 (1.1) 1.1 (0.2)
Silence 1.9 (1.3) 1.0 (0.0) 1.0 (0.0) 1.2 (0.5)
Cold 1.9 (0.9) 1.4 (0.7) 1.6 (0.9) 1.3 (0.7)
Hot 1.8 (1.0) 1.4 (0.7) 1.3 (0.6) 1.2 (0.5)
Bed quality 1.1 (0.3) 1.1 (0.3) 1.1 (0.5) 1.1 (0.5)
Apparatus on my body 2.8 (1.0) 1.1 (0.3) 1.2 (0.5) 1.2 (0.5)
Darkness 1.5 (1.2) 1.1 (0.4) 1.1 (0.2) 1.2 (0.6)
Unfamiliar place 2.5 (1.2) 1.3 (0.5) 1.3 (0.6) 1.4 (0.7)
Monitoring camera 1.5 (0.9) 1.3 (0.7) 1.1 (0.5) 1.2 (0.5)

*** Significant difference between sound conditions LF, HF, and Q (p<0.001).

Sound condition
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Abstract 
Traffic noise can lead to cortical and autonomic activation, disrupt sleep and impair physical and mental 
restoration. We used the odds ratio product (ORP), a validated continuous measure of sleep depth based on 
automatic analysis of physiologic sleep data in 3-second epochs, to investigate temporal changes of sleep in 
response to nocturnal noise events. Seventy-two healthy participants slept for 10 nights in a laboratory, during 
which we measured sleep with polysomnography. In 8 nights, participants were exposed to 40, 80 or 120 
road, rail and/or aircraft noise events at 45-65 dB LAS,max. Event-related change of ORP relative to pre-event 
baseline was analysed with linear mixed models. ORP increased during aircraft, road and rail noise, reflecting 
reduced sleep depth and quality, and there was a greater response to road and rail noise than to aircraft noise. 
The clinical relevance of event-related elevations of ORP is currently unknown, and warrants further 
investigation. 
 
Keywords: Traffic noise, Sleep, Laboratory study, Odds ratio product, Road, Rail, Aircraft 

1. Introduction 
Sufficient sleep is a critical component of good physical and mental health. Nocturnal traffic noise 

can impair physiologic and subjective sleep, by causing cortical awakenings and self -reported sleep 
disturbance (1). In the short-term, noise-induced sleep disturbance can cause impaired mood and 
cognitive performance and increased daytime sleepiness (2, 3). In the longer term, nocturnal traffic 
noise has been positively associated with elevated blood pressure and incident cardiovascular disease 
(4-6). Consequently, sleep disturbance is believed to be the most harmful non-auditory effect of 
environmental noise (7), and recently the World Health Organization strongly recommended more 
strict nighttime regulations for road, rail and aircraft noise (8). 

The “gold standard” for physiologic sleep measurement is polysomnography (PSG), which 
involves recording of electrical brain activity using scalp electroencephalography (EEG), eye 
movements via electrooculography (EOG) and muscle activity via submental electromyography 
(EMG). A major shortcoming of research into the effects of noise on sleep is that, according to current 
guidelines (9), PSG data are scored in 30-second epochs. This is a hangover from when EEG traces 
were plotted on 300 mm paper at a paper speed of 10 mm/s, thus a single page would reflect 30  s of 
EEG activity (10). The EEG activity occupying the majority of the 30-second epoch determines the 
discrete sleep stage that is assigned, either wake, rapid eye movement (REM) sleep or the non-REM 
sleep stages N1, N2 or N3, representing progressively deeper sleep (9). Any given 30 s epoch can 
therefore contain EEG activity indicative of a differentially scored sleep stage, providing these 
patterns are <15 s in duration. In this way, classical sleep scoring may not capture short duration yet 
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potentially biologically relevant changes in sleep activity induced by noise .  
The odds ratio product (ORP) is a continuous measure of sleep depth based on alpha, beta, theta 

and delta activity in the EEG (11), where the minimum value of 0 means definitely asleep, and the 
maximum value of 2.5 means definitely awake. This ORP measure has a number of advantages over 
traditional sleep scoring for assessing the effects of noise. As a continuous metric, changes in ORP 
reflect alterations of sleep depth at a finer resolution than is possible using onl y the 5 discrete stages 
described in the current guidelines (9). Furthermore, the ORP is scored in 3-second epochs, which is 
shorter than the duration of many traffic noise events, so temporal changes of sleep within the period 
of a noise event can be tracked, for instance as a function of the sound pressure level of the event. 
Finally, ORP is scored using an automated algorithm. Although previous attempts to score sleep 
digitally have correlated poorly with manually scored sleep, such efforts have generally attempted to 
replicate the current scoring of the PSG data into the 5 discrete stages. Additionally, when sleep is 
scored manually there can be significant intra- and inter-scorer variation despite identical scoring 
rules (12), whereas automated ORP scoring precludes such subjectivity. Because of the advantages 
offered by ORP, we reanalysed data from a previously reported laboratory study into the effects of 
road, rail and aircraft noise sleep (13) using event-related ORP measures. 

2. Methods 

2.1 Participants and study procedure 
The methods are described in detail elsewhere (13), and are only summarised here. Seventy-two 

participants (mean±SD 40.3±13.5 years, 40 women) were recruited for a laboratory study. They were 
habitually good sleepers with a habitual mean bedtime of 23:09 and rise time of 07:01 and did not 
suffer from self-reported sleep apnoea, loud snoring or symptoms associated with restless legs 
syndrome or periodic limb movement disorder. They all had normal age-related hearing determined 
with audiometry. Chronotype was measured using the German language version of the Morningness -
Eveningness Questionnaire (14). The local ethics committee reviewed and approved the study. 
Participants provided informed consent prior to the start of the study and could discontinue at any 
time without explanation.  

Participants slept for 10 consecutive nights in the laboratory. The first night served as an adaptation 
period only, and was not included in any analyses. Nights 2-10, summarised in Table 1, consisted of 
8 nights with 40, 80 or 120 noise events and a quiet control night, in a randomised order. Within noise 
exposure nights, we varied the maximum sound pressure level of events between 45-65 dB LAS,max. 
Noise events also had variations in noise onset rate and duration, as summarised in Table 2. 

 
Table 1 Summary of the noise scenarios in different study nights.  

LAEq: Equivalent A-weighted sound pressure level over the 8-hour nighttime period  

Night Noise types  
Number of 

noise events (n) 
LAEq (dB) 

Control - 0 30.0 

AI Aircraft 40 39.7 

RO Road 40 36.9 

RA Rail 40 39.7 

AIRO Aircraft, Road 80 41.2 

AIRA Aircraft, Rail 80 42.5 

RORA Road, Rail 80 41.2 

RORO Road 80 39.7 

AIRORA Aircraft, Road, Rail 120 43.3 
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Table 2 – Temporal acoustic properties of noise events for different traffic modes.  

SPL: Sound Pressure Level. SD: Standard Deviation. 

Variable 
Aircraft.  

Mean (SD; range) 
Road.  

Mean (SD; range) 
Rail.  

Mean (SD; range) 
SPL rise time (dB/s) 3.6 (1.1; 1.2-5.8) 6.3 (1.9; 3.1-13.6) 7.1 (2.6; 2.3-12.7) 

Duration (s) 66.0 (16.6; 36.8-109.5) 20.5 (7.2; 9.0-38.1) 25.9 (7.9; 14.0-46.4) 
 
We measured sleep with PSG, employing central EEG derivations (C3-M2, C4-M1), EOG and EMG 

electrodes. EEG records electrophysiological activity in the cerebral cortex, EOG records eye 
movement, and EMG records muscle movement. These data were used to calculate the ORP in 3 -
second epochs, via an automated algorithm (11). A single researcher, who was blind to the study design, 
manually inspected ORP data to identify artefacts and/or periods of poor data quality.  

2.2 Data analysis 
For every noise event in every person-night, we identified the maximum ORP that occurred during 

the duration of that specific noise event. From this value, we subtracted the pre-event baseline ORP, 
defined as the mean ORP in the 30 seconds before the onset of that particular noise event, thus giving 
a value expressing the maximum event-related change of ORP relative to baseline (ΔORPmax). We also 
calculated the area under the ORP curve (ORPAUC) in a 111-second window, corresponding to the 
shortest window length that would fully enclose the longest noise event. We calculated the expected 
natural baseline variation in ΔORPmax and ORPAUC by analysing forty 30-second sham events in the 
quiet control night at times corresponding to noise events in the 40-event noise nights. 

We performed statistical analysis using IBM SPSS version 25. We analysed the effect of the 
independent variable traffic mode on ORP outcomes in a repeated measures random intercept linear 
mixed model, using a first-order autoregressive covariance structure with homogeneous variances. We 
calculated post-hoc comparisons between traffic modes using Bonferroni adjustments for multiple 
testing. A p-value <0.05 was considered statistically significant. 

3. Results 
There was a significant main effect of traffic type on noise-induced ΔORPmax (F(3,21391)=2054.7, 

p<0.0001). As shown in Figure 1, ΔORPmax was significantly greater during noise from aircraft 
(p=0.013), road (p<0.0001) and rail (p<0.0001) than in noise-free sham periods. There was a 
significantly higher ΔORPmax during road (p<0.0001) and rail (p<0.0001) than aircraft noise. Event-
related ΔORPmax did not significantly differ between road and rail noise (p=1.0). 

 

 
Figure 1 Event-related maximum change in ORP relative to pre-event baseline (estimated marginal means). 

Error bars: 95% confidence intervals.  
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There was a significant main effect of traffic type on noise-induced ORPAUC (F(3,23650)=69.54, 
p<0.0001). As shown in Figure 2, ORPAUC was significantly greater following noise from aircraft 
(p<0.0001), road (p<0.0001) and rail (p<0.0001) than in noise-free sham periods. There was a 
significantly higher ORPAUC following road (p<0.0001) and rail (p<0.0001) than aircraft noise. Event-
related ORPAUC did not significantly differ between road and rail noise (p=1.0). 

 

 
Figure 2 Event-related area under the ORP curve in a 111s window (estimated marginal means).  

Error bars: 95% confidence intervals.  

4. Discussion 
Noise from aircraft, road and rail led to elevations of ORP, reflecting reduced sleep quality and 

changes to less deep, more unstable sleep depth (11). A greater physiologic response following road 
and rail noise than aircraft noise is in good agreement with analysis of the current data using more 
traditional methods of sleep and arousal scoring (13). While these results are not especially novel in 
terms of demonstrating a sleep-disrupting effect of noise (1), they do demonstrate that ORP is a 
suitable method for assessing event-related effects of traffic noise on sleep, which can offer certain 
advantages in future research in the field. Among these advantages are that a more graduated measure 
of sleep depth allows for identification of subtle (yet potentially relevant from a health perspective)  
alterations of sleep, and a 10-fold increase in temporal precision compared to traditional 30-second 
epochs which will aid in uncovering the dynamics of noise-induced sleep disruption. A further 
advantage is the high degree of automation in the ORP scoring process, rather than the manual sleep 
scoring currently recommended (9), which decreases analysis time and mitigates individual error. 

In further work, we will examine the effects of noise level, number of noise events, sleep stage, 
sex, age and sleep spindle rate on noise-induced changes in ORP. We will also investigate the 
suitability of ORP as an indicator of individual trait-like characteristics including chronotype and 
noise sensitivity, and examine the ability of ORP indices to predict the impact of sleep disruption on 
subjective self-assessment of sleep and waking psychomotor and cognitive performance.  

4.1 Limitations 
There were 120 different noise events in total, 40 for each traffic mode (8 different recordings, 

each at 5 different sound pressure levels). However, the distribution of these noise events in this 
laboratory study may not be truly representative of traffic patterns in the real world. Furthermore, the 
noise recordings were made in 2004, and vehicles that are more modern may have different acoustical 
characteristics. 

As a laboratory study, the results may not translate directly to response in more naturalistic settings. 
The participants were generally healthy, whereas in the field the disrupting effects of noise may be 
higher among vulnerable populations and residents with pre-existing sleep disorders. Furthermore, 
there may be at least some degree of habituation among chronically noise-exposed individuals, which 
would not be reflected in the data presented here.  
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5. Conclusions 
Traffic noise, already established as having adverse effects on sleep,  accordingly induced 

elevations of the odds ratio product of sleep, reflecting less deep, more unstable sleep. This response 
was higher for road and rail than aircraft noise. The clinical relevance of event-related elevations of 
ORP is currently unknown, and warrants further investigation. 
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Extended ABSTRACT 

We report on a study that aimed at establishing exposure-response relationships reflecting the 

percentage highly sleep disturbed (%HSD) as functions of road traffic, railway, and aircraft noise at 

night time, measured by various night time noise exposure indicators at both the loudest and faintest 

facade point of dwellings. We therefore conducted a mixed-mode (paper&pencil as well as online) 

representative population survey in a stratified random sample of 5592 residents exposed to 

transportation noise all over Switzerland, together with high temporal resolution noise exposure 

calculations. Source-specific noise exposure was calculated for each floor and each façade based on 

comprehensive traffic data. Exposure assessment was validated with measurements in 180 survey 

respondent's homes. Sleep disturbance due to noise at night was measured using an ICBEN-like 

5-point verbal scale. 

 

In a first step, we established fully adjusted causal risk-factor models for the probability to be 

highly sleep disturbed (HSD) as a function of road, railway or aircraft noise exposure respectively, 

which will serve current activities of updating the legal noise exposure limits in the Swiss noise 

abatement ordinance. In this part, we also explored the role of a range of coping strategies taken 

against noise and the potential benefit of the availability of a quiet side of the dwelling . For all noise 

sources, results revealed significant associations between LNight and %HSD. 

 

In the second part, we hypothesized that in addition to average exposure metrics (e.g. Lnight), the 

effects of noise on self-reported sleep disturbance can be better explained when also considering the 

intensity of short-term variations of noise level over time, parametrized in the Intermittency Ratio (IR) 

metric, which expresses the "eventfulness" of noise exposure situations as the energetic contribution 

of individual noise events relative to the total sound energy in a given measurement period. Reason 

behind the development of the IR metric was the fact, that the application of equivalent levels to 

predict the impact of noise on sleep has not met with much success so far. Thus, the IR descriptor may 

be used as an additional exposure metric alongside established ones like the Leq.  We investigated 

effect modification by stratified categorical analysis of IR. 

 

 

Keywords: Transportation noise, Sleep disturbance, Exposure-response relationship, Noise metric 
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Abstract
A remarkable part of children’s development and education happens in educational institutions. Acoustic envi-
ronments in these institutions are usually highly complex and noisy, hence it is demanding to identify relevant
target speakers and to ignore irrelevant sounds. Previous research has analyzed auditory selective attention in
adults, both in dichotic and binaural listening environments. Until now, there is little knowledge of auditory
selective attention in children. In the present work, the original paradigm was adapted by using a task suited for
children which included child-oriented elements. Further, the subject’s anthropometric sizes were considered for
an aurally-accurate reproduction of the acoustic scene. Twenty-four adults and twenty-four children participated
in an experiment on auditory selective attention. Noise and noise-free conditions and various target-distractor
distributions in the room were analyzed among others. The result of this experiment revealed significant differ-
ences between adults and children, especially in the way auditory attention was influenced by noise.

Keywords: Auditory selective attention, complex acoustic scenes, binaural reproduction

1 BACKGROUND
Children differ from adults, both considering their anthropometric sizes and their hearing ability. Current noise
assessments in educational institutions are executed using measurement and evaluation methods based on re-
sults obtained from research with adults. There is little knowledge whether these observations can be directly
transferred to children. It is important to better understand the differences in listening abilities under different
acoustic conditions between children and adults. One interesting cognitive ability of hearing is auditory selective
attention which enables one to locate relevant target speakers and to ignore irrelevant sound sources at the same
time. This ability is helpful in highly complex acoustic scenes existing e.g., in educational institutions. Until
now, there is little knowledge of auditory selective attention in children and how it develops over childhood.
The goal of this work is to provide a child-suited paradigm to examine auditory selective attention of children
in comparison to adults and to provide an aurally-accurate presentation of a spatial acoustic scene which also
takes the different anthropometric head and ear sizes of children into consideration.

2 MATERIAL AND METHODS
A listening experiment with 24 young adults, aged 18 to 28 years, and 24 children, aged 6 to 10 years, was
conducted. For this purpose, a paradigm on intentional switching of auditory selective attention, originally
developed for adults in dichotic listening environment and then extended to a binaural listening setup (1), was
adapted for children by adding child-oriented elements and a feedback system. The previously employed digit-
word categorization task was simplified for children by substituting it with an animal categorization task.
The listening experiment took place in the mobile hearing laboratory "MobiLab" (2) developed in the Teach-
ing and Research Area of Medical Acoustics, RWTH Aachen University. The MobiLab is a modified trailer
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including an acoustically optimized hearing booth, which can be easily placed at the primary school where
participants were available for on-site listening experiments. To ensure an aurally-accurate perception of the
virtual acoustic scene, an individualized set of head-related transfer functions (HRTF) was calculated based on
the participant’s individual head dimensions by modifying the ITD cues (3) and the HRTF set of the ITA ar-
tificial head (4). A static binaural reproduction via open headphones was chosen for this study using a robust
headphone equalization (5).

3 RESULTS AND CONCLUSION
Response times and error rates were compared between the age-groups, and between the variables attention
switch, congruency, target-distractor-position combination, and noise/no noise. Results of young adults were
comparable to previous research and showed comparable effects, hence the adapted paradigm could be vali-
dated to examine auditory selective attention. Further, a significant difference between the age groups could be
observed in reaction time and in error rates. Children tends to react slower and to make more mistakes than
adults. However, the flexibility in auditory selective attention of adults and children were comparable except for
certain spatial conditions. Additionally, a speed-accuracy effect could be noticed for children in the noise/no
noise condition which was not observed for the adults to the same extent.
The results suggest that the modified paradigm is suitable to analyze auditory selective attention of adults and
children. Furthermore, the study revealed a higher sensitivity to noise and spatial effects in cognitive processes
of children in comparison to adults. There is a need to further investigate the impact of different noise impacts
on the cognitive process of children.
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ABSTRACT 

Immediate serial recall of visually presented verbal items is impaired by task-irrelevant background speech 

that the participants are instructed to ignore. This so-called “irrelevant speech effect” (ISE) has been 

attributed to interference with phonological representations, interference with representations of serial order, 

or attentional capture away from the focal task.  

In order to learn more about the task characteristics necessary for ISE evocation, we designed 3 verbal 

working memory tasks that were comparable with respect to task structure, but differed in the cognitive 

processes involved. In each task, sequences of 7 German nouns were presented pictorially. In Task 1, 

participants had to reconstruct the serial order of the items. In Task 2, participants had to decide which of the 

7 words represented by the pictures had no “partner” with the same initial phoneme. In Task 3, participants 

had to decide which of the 7 items had no “partner” with respect to semantic category. Serial order 

reconstruction of verbal items and phonological categorization were significantly impaired by irrelevant 

speech, whereas semantic categorization was unaffected. Implications for theoretical accounts of the ISE are 

discussed.   

 

Keywords: Irrelevant speech effect, irrelevant sound effect, working memory, noise effects on cognitive 

performance 

1. INTRODUCTION 

Whether and to what extent task-irrelevant background sounds of moderate intensity disrupt 

performance in non-auditory tasks (i.e., tasks that require processing of visually presented 

information) depends on characteristics of the tasks and the sounds. The duplex-model proposed by 

Hughes et al. [1] provides a general framework for noise effects on performance. This model assumes 

two independent mechanisms of sound-induced disruption, i.e., “attentional capture” (involuntary 

diversion of attention away from the focal task after an unexpected deviation from the recent auditory 

past) and “interference-by-process” (specific interference between processes involved in the 

pre-attentive, obligatory processing of the irrelevant sound, and intentional processes involved in the 

focal task).  

Research in this field focused on verbal short-term memory, assessed by a standard task in which 

participants have to recall a sequence of visually presented verbal items, e .g., digits, consonants, or 

words, in the correct serial order. Performance in this “immediate serial recall”-task is reliably 

impaired when task-irrelevant background sound is presented during item presentation, or during 

presentation and recall. This so-called “irrelevant sound effect” (ISE) is especially pronounced with 

speech sounds [2]. The ISE has been attributed to (i) interference between phonological 

representations in the phonological store component of the phonological loop [3], (ii) interference 

between serial order representations resulting from obligatory auditory perceptual organization of the 

speech stream and serial order representations of the list items (“changing state effect”, [4]), and (iii) 
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mere attention capture due to speech [5]. 

 

In a series of experiments, we aim to elucidate the role of phonological processing, serial order 

retention, and attention capture in the detrimental effect of speech sounds on working memory tasks. 

In the experiment reported here, we assessed the effects of irrelevant speech on performance in three 

verbal working memory tasks that were comparable with respect to task structure, but differed in the 

cognitive processes involved (serial order retention, phoneme comparison, and semantic 

categorization).  

 

2. Methods 

2.1 Participants 

Participants were 74 students and junior researchers (51 male), aged between 19 and 34 years 

(M=23.5 years; SD 2 years), with German as first language. Participants were assigned to one of 3 

experimental groups. One group (n=24, 19 male) performed the serial order reconstruction task, one 

group (n=25; 16 male) performed the phonological processing task and one group (n=25, 16 male) 

performed the semantic processing task.  

2.2 Tasks and Sounds 

In each of the three tasks, 7 easy-to-name pictures representing German nouns were presented one 

after another in the center of the computer screen, with a presentation time of 1100 msec and a 1000 

interval between stimuli. After presentation of the seventh picture, all 7 pictures were shown 

simultaneously in a random arrangement on the screen.  

In the serial order task, participants had to reconstruct the serial order by clicking with the mouse 

on the pictures in the order they had been presented. For the phoneme comparison task, sequences were 

composed of 3 pairs of items with the same initial sound, and an “odd” item with a different initial 

sound. In the semantic categorization task, sequences were composed of 3 pairs of items from the same 

semantic category (e.g., furnitures, vehicles), and one “odd” item representing a different category. In 

both tasks, participants had to decide which of the 7 items is the “odd” one.  

As task-irrelevant speech, we used a recording of narrative speech produced a male speaker reading 

a textbook in Korean language.  

2.3 Procedure 

Participants were tested individually in a sound-attenuated booth. After instruction, 3 practice trials 

were performed, followed by 24 experimental trials. In half of the trials, irrelevant speech was played 

through headphones at a comfortable sound level of about 60 dB. The remaining trials were performed 

in silence. Sound conditions (silence vs. speech) were varied quasi-randomly from trial to trial, so that 

at most two successive trials were performed under the same sound condition.   

2.4 Results 

Mean performance (proportion correct) in the control condition was significantly lower in the 

semantic categorization task (M = 0.56, SD = 0.18) when compared to serial order reconstruction 

(M=0.78; SD=0.12) and phoneme comparison (M = 0.68; SD = 0.22), with p < .01 and p = .06, 

respectively. Serial order reconstruction and phoneme comparison did not differ with respect to 

control performance (p > .20). Separate t-tests for paired samples revealed significant effects of 

irrelevant speech in the serial order reconstruction task (p < .001) and in the phoneme comparison task 

(p < 0.05). Semantic categorization was unaffected by irrelevant speech (p = .65).  

3. Discussion 

3.1 Mechanisms underlying the irrelevant speech effect 

The current findings indicate that serial order retention is not a necessary condition for ISE 

evocation. The phoneme comparison task does not require serial order retention, but evoked an ISE 

similar to that observed in the serial order reconstruction task. Furthermore, the null effect found in the 

semantic categorization task contradicts the attention capture account of the ISE. If irrelevant speech 

impairs performance merely through diversion of attention, each of the three tasks should have been 
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affected. Thus, the results found here indicate that irrelevant speech evokes specific interference with 

phonological processing, which is involved in both serial order retention and phoneme comparison. 

3.2 Limitations  

Even though pilot studies were performed in order to verify comparable task difficulty, it turned out 

that performance in the semantic categorization task was lower when compared to the other tasks. So, 

the possibility that the difference in task difficulty is responsible for the differential effects of 

background speech cannot be ruled out. However, this seems unlikely, as performance was well above 

chance and below ceiling in each of the tasks, and prior findings argue against an impact of task 

difficulty on the ISE [6]. A further limitation is a lack of statistical power. Even though separate t-tests 

indicate differential effects of irrelevant speech on the three tasks, the interaction could not be verified 

statistically in a 2 (Sound condition) x 3 (Task) ANOVA (p >.20). Currently, we are performing further 

experiments, aiming to confirm the current findings with increased sample sizes and trials per 

condition, the latter aiming to increase the reliability of the performance measures.  
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Remembering landmarks in a virtual maze: Does the disturbance 
impact of background speech depend on the spatial information 

inherent in the speech signal? 

ABSTRACT 
Whether a particular background sound impairs cognitive task performance depends on both sound and task 
characteristics. Although this so-called interference-by-process principle (e.g., 1) is widely accepted, it has 
not yet been fully empirically tested. In recent years, research on cognitive noise effects has focused on the 
detrimental influence of background speech’s intelligibility, semantics, and temporal-spectral variability on 
performance in verbal tasks (e.g., verbal short-term memory, reading, writing). For visual-spatial tasks, 
however, the spatial characteristics of background noise should induce a performance decrement.  
We present a series of experiments in which short-term memory for visual-spatial information was explored 
during background speech conditions in which a talker’s location either varied or remained stable. 
Considering wayfinding and orientation as everyday visual-spatial tasks, we set up virtual mazes with 
landmarks (e.g., a bakery, a park). Participants had to find their way through these virtual mazes and afterward 
recall the spatial position of the landmarks. The effects of the different background speech conditions –
including or excluding varied spatial information – on visual-spatial memory is discussed in terms of 
cognitive psychological implications as well as applied contexts.  

Keywords: binaural sound, visual-spatial cognition, sound effects 

1. INTRODUCTION

Background sounds do not impair cognitive performance per se. Whether a given sound disturbs 
cognitive performance depends on a kind of “fit” between background sound and task characteristics. 

A performance decrement occurs when volitional task processing and the obligatory pre-attentive 
processing of background sound burden the same cognitive processes or functions. This so-called 
“interference-by-process” hypothesis (e.g., 1) has been tested in recent years predominantly with 
respect to verbal tasks and the influence of background speech. Here, for example, background 
speech’s semantic content has been shown to be pivotal in impairing performance on tasks that rely 
on semantic processing, e.g., reading comprehension or text production by writing (2, 3). With respect 
to visual-spatial tasks, it seems reasonable to assume that the automated processing of spatial 
information inherent in a background sound signal (e.g., overheard speech produced by a conversation 
of several talkers in the acoustic background of an open-plan office) affects performance on tasks that 
rely on the voluntary processing of spatial information (e.g., construction task, design tasks). The 
present studies aimed to test this assumption considering performance on a visual-spatial task. Using 
wayfinding and orientation as everyday examples of such tasks, we set up virtual mazes with visual 
landmarks (e.g., a bakery, a park). Participants had to navigate through these spatial configurations 
and afterward recall the spatial positions of the landmarks. Our studies aimed to test whether 
background speech that incorporates varied spatial information (i.e., the speaker´s location changed 
after each sentence) disturbs visual-spatial recall performance more compared to speech with constant 
spatial information (i.e., the speaker remained at one position).  

In fact, little evidence on visual-spatial cognitive performances with respect to background sound 
effects is available, and the existing evidence is, furthermore, not consistent. Jones et al. (4) and 
Kvetnaja (5) both used the so-called Corsi block task to measure visual-spatial short-term memory 
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capacity. In this task, a series of 7-9 positions are presented on a screen and participants are asked to 
recall the positions by clicking the exact presentation order. Although Jones et al. (4; Exp. 4) found a 
detrimental effect of background speech on visual-spatial short-term memory, Kvetnaja (5) did not 
replicate this finding despite increased sample size (and thus increased statistical power).  

It is important to note that in both studies (4, 5), the tested background-speech signal did not 
include varying spatial information. This is due to the fact that both studies aimed to test the so-called 
changing-state hypothesis (6), which can be considered a specification of the later proposed 
interference-by-process hypothesis. The changing-state hypothesis assumes that deliberate processing 
of task-relevant serial information (here serial recall of visual-spatial positions) interferes with the 
serial processing of the auditory-perceptive tokens of the background sounds. Serial information is 
assumed to be inherent in background sound, consisting of distinct auditory-perceptual tokens varying 
successively, as is typical for background speech. Do note, however, that in contrast to the sparse and 
contradictory empirical results with respect to visual-spatial short-term memory, the disturbance effect 
of background speech on verbal short-term memory (measured via serial recall of a series of digits, 
consonants, or words) is an empirically robust finding replicated in a large amount of studies (e.g., 7). 
Furthermore, for this verbal version of serial recall task, two published studies have shown that spatial 
information of background speech contributes to its disturbance effect; yet due to the experimental 
set-up, these empirical results have to be discussed as spatial release from masking (8, 9) rather than 
interference of cognitive processes. 

The intent of the present studies was to test whether background speech containing varied spatial 
information affects visual-spatial cognitive performance. To this end, Study 1 was designed to use a 
novel wayfinding and landmark recall task. Participants worked on this complex visual-spatial task 
either in silence (baseline condition) or while hearing background speech with the background 
speaker´s location changing after each spoken sentence. Furthermore, the Corsi block task was used 
as a standard measure of visual-spatial short-term memory capacity. By doing so, the capacity of each 
participant could be related to his/her landmark recall performance, allowing us to statistically test 
whether performance on the novel maze task relies also on this basic cognitive function.  

Study 2 tested whether background speech per se disturbs landmark recall performance or whether 
the varied spatial information in the background speech signal is the decisive characteristic of a 
performance decrement. For this purpose, participants worked on the wayfinding and landmark recall 
task in silence; in the presence of background speech with varying spatial information (i.e. the 
speaker`s position varied over time); and in the presence of a corresponding speech signal with 
constant spatial information (i.e., the speaker remained in one position). 

2. STUDY 1 

2.1 Methods 

2.7.1 Participants 
Twenty-eight students from the RWTH Aachen University (32 female) aged between 18 and 55 

years (Md = 24.0 years) participated in Study 1. They responded to a notice calling for participation 
and reported normal hearing. All participants provided written informed consent. Participants received 
no incentives or credit points for their participation. All participants were able to differentiate and 
correctly indicate the five auralized talker positions in a localization test.  

2.7.2 Apparatus and Stimuli 
Mazes were created with the free Software Maze Suite (10, 11), which was also used to administer 

the navigation task. All mazes were of equal size and shared the following characteristics: dark floor, 
brick walls, and the sky above. A starting position and a goal region were defined in a non-trivial 
manner. Panel a) of Figure 1 displays a sample screenshot of a maze and Panel b) the corresponding 
map.   

Eight landmarks were shown in each maze: a fruit stand, a cash dispenser (ATM), a petrol station, 
a bus stop, a church, a park, a playground, and a bakery. Reaching the goal of the maze required the 
participants to pass by all landmarks. Consequently, no landmarks were placed in dead ends to 
guarantee that a participant who reached the target point of the respective maze saw also all the 
pictures. For landmark recall, a sketch map of the maze – created from a bird's eye view – was given 
in which starting position (head symbol) and goal region (colored area) were given without indicating 
landmarks (cp. Panel b) of Figure 2). In several studies, visual-spatial short-term memory in a 
wayfinding tasks was already successfully measured using sketch maps (e.g., 12, 13). 
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Figure 1 – Panel a) shows a sample screenshot of a maze while navigating through it during presentation 

period; panel b) shows a sketch map for landmark recall. 

 
The background speech signal was derived from the OLSA (Oldenburger Satztest; Oldenburg 

Sentence Test; 14). The sentences spoken by a male speaker were processed to derive a binaural signal. 
Every single sentence was syntactically correct but semantically relatively meaningless, following the 
rule: subject + verb + numeral + adjective + noun, e.g., “Stefan wins twelve green flowers,” “Britta 
sees eighteen beautiful rings.” Sentences were auralized in such a manner that the speaker was heard 
from one out of five positions on a semicircle in front of the listener/participant (-90°, -45°, 0°, +45°, 
+90°) at a distance of 2 m (15). Successive sentences always differed randomly with respect to talker 
position. Pauses between sentences were 75 ms, 100 ms, 125 ms, 150 ms, 175 ms, or 200 ms long 
generated randomly. Altogether, 30 min background speech was generated with the material being 
repeated after 15 min.  

The Corsi block task was conducted with the experimental software PsyScope X B57 (16) on an 
Apple MacBook Pro 2013 with a 15’’ non-glare screen. In the presentation period, seven squares 
(“blocks”) marking seven positions were displayed on the screen. An X was moving through all seven 
positions in random order. On the recall screen, all seven positions were marked with X’s (Figure 2). 

 

 
 

Figure 2 – Screenshots taken during presentation period (Panel a) and recall period (Panel b) of the Corsi 

block task  

 
The Questionnaire on Spatial Strategies (Fragebogen räumlicher Strategien, FRS; 17; for an 

English version, cf. 18) was given to participants but the corresponding results are not subject of the 
present proceedings. 

2.7.3 Procedure 
Participants were tested in single sessions in a soundproof chamber at the Institute of Psychology 

(IfP) at the RWTH Aachen University. Testing took about 1.25 hours, and testing sessions were 
structured as follows: initial interview, localization test, maze task, questionnaire on spatial strategies 
(FRS), and Corsi block task.  

In the initial interview, participants were questioned about individual vision and hearing status as 
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well as experience with VR and gaming. Afterward, a localization test was administered to ensure that 
all participants were able to differentiate the five auralized talker positions. Therefore, a single 
sentence of the OLSA was played back twice (300 ms pause) from one position and the participant 
was asked to indicate the position in the figure, as shown in Panel b) of Figure 4. Each position was 
tested 5 times in random order.  

Subsequently, the maze task started. The participant´s task was to navigate through a maze and to 
memorize the localization and the identity of the landmarks that he/she passed. After participants 
navigated through the maze, they were asked to mark the landmarks (position/wall section and identity 
indicated by a number) on a sketch map (landmark recall), as given in Panel b) Figure 1. Therefore, 
participants received a sheet of paper showing all landmarks with assigned numbers. First, a practice 
maze without recall was given to participants to allow them to become familiar with navigating 
through the maze and with the landmarks. Subsequently, the second practice maze was given, 
including recall with a sketch map, followed by the two experimental blocks, one block solved in 
silence, the other block with background speech, each encompassing four mazes. The sequence of 
these two sound conditions was counterbalanced across participants. Time to navigate through one 
maze was restricted to 2 min (time out) to avoid giving participants additional time to learn landmark 
positions.  

After the maze task, the participants completed the questionnaire on spatial strategies (FRS) during 
a short break of several minutes. At the end of the test session, the Corsi block task was administered 
to measure individual visual-spatial short-term memory capacity. Here, two practice trials were 
followed by nine testing trials. A trial started with the rectangles decreasing in size before an X moved 
through all seven positions in random order. The participants` task was to remember the sequence of 
positions. After the X had passed through all seven positions, there was a short pause of 10 s (retention 
interval). Then the recall screen appeared (cp. Figure 2). The participant was asked to click the 
positions in exactly the same order in which the X moved through the positions. A block that was 
clicked disappeared from the screen. Correcting errors was not possible.   

2.2 Results 
One point was given for correctly indicating the spatial position of a landmark on a sketch map 

and one more point for correctly indicating the landmark’s identity. Accordingly, a maximum of 16 
points (4 mazes x 2 points) could be achieved in silence and 16 further points during background 
speech. Panel a) of Figure 3 depicts mean landmark recall performance during the two sound 
conditions. A t-test for dependent samples revealed a highly significant sound effect, t(27) = 3.06, p 
< .01, two-tailed, Cohen’s d = 0.41. Thus, background speech of varying spatial characteristics 
significantly reduced wayfinding and landmark recall performance compared to the silent control 
condition. 
 
 

 

Figure 3 – Panel a) depicts mean recall performance for landmarks in the maze task with standard errors 

(n = 28), Panel b) shows a scatter plot of Corsi block performance by performance on the wayfinding and 

landmark recall task during silence (baseline condition). 
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In the Corsi block task, each block that was not recalled exactly in the serial position in which it 
was presented counted as an error. The mean %correct was assumed to be an indicator of individual 
visual-spatial short-term memory capacity. Panel b) of Figure 3 depicts the scatter plot for %correct 
in the Corsi block task by individual landmark recall performance during silence in the maze task. 
Both performance measures correlated significantly, rS = .61, p < .001. This correlation indicates that 
performance on these two tasks may be administered by the same cognitive function, i.e., visual-
spatial short-term memory (cp. also 19). 

3. STUDY 2  
In Study 1, background speech was used in which the talker´s position varied. Study 2 was 

conducted to test whether the varying spatial characteristics of the background speech signal 
significantly contribute to a performance decrement in the wayfinding and landmark recall task. Here, 
performance in the maze task was measured during three different background sound conditions: 
silence, background speech from a talker who remained in one position, and the same speech condition 
as in Study 1 with a talker speaking from varying positions. 

3.1 Methods 

3.1.1 Participants 
32 students (24 female) of the RWTH Aachen University participated in Study 2. Participants were 

aged between 18 and 33 years (Md = 22.5 years) and had responded to a notice seeking participants. 
All participants provided written informed consent, reported normal hearing and received credit points 
for participation. All participants were able to differentiate and correctly indicate the five auralized 
talker positions in a localization test.  

3.1.2 Apparatus and Stimuli 
The same experimental set-up was used as in Study 1 with the following two exceptions: 

First, wayfinding and landmark recall performance was measured during three sound conditions: 
silence and two irrelevant background speech conditions. One speech signal involved a talker speaking 
successively from five spatially different positions, as in Study 1. The second speech signal was 
derived by binaurally auralizing the sentences spoken by the OLSA’s male speaker from one spatial 
position in front of the listener (i.e., the participant) (cp. Panel a) of Figure 4). Second, the FRS 
questionnaire and the Corsi block task were not administered in Study 2. 

 

 
 

Figure 4 – Background speech was auralized either as being spoken by a talker remaining on one spatial 

position (Panel a) or with the talker´s position varying over 5 different spatial positions (Panel b). 

 

3.1.3 Procedure 
The procedure was the same as in Study 1 with the following two exceptions. First, three 

experimental blocks, each consisting of 4 mazes, were administered due to the testing of three sound 
conditions: silence, speaker located in one position, speaker switching across five positions. The 
sequence of sound conditions was counterbalanced over participants. Second, the FRS questionnaire, 
and the Corsi block task were not administered in Study 2. 
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3.2 Results 
Landmark recall performance was analyzed as in Study 1: One point was given for each correct 

position of a landmark on a sketch map (i.e. certain position on a certain wall), and a further point for 
the correctly identity of the landmark (e.g. a bakery). Thus, 16 points (4 mazes x 2 points) could be 
achieved at maximum in each of the three sound conditions. Figure 5 visualizes group means of recall 
performance during the different background sound conditions.  

An ANOVA (analysis of variance) on the within-subject factor sound (talker from five positions, 
talker from one position, silence) verifies a significant effect on this factor, F(2,62)= 3.35, p = .04, 
 = .10. Paired t-tests reveal that this significant sound effect is due to significantly enhanced error 
rates during background speech with varied spatial information (i.e. talker successively speaking from 
five different positions) compared to silence (baseline condition), t(31) = 2.03, p = .05, two-tailed, 
Cohen’s d = 0.43, and also compared to background speech with constant spatial information (i.e. 
talker speaks always from one position), t(31) = 2.38, p = .02, two-tailed, Cohen’s d = 0.43. 
Performance during the latter two conditions does not differ, t(31) = 0.35, p = .73, two-tailed, Cohen’s 
d = 0.07. Thus, background speech inheriting varying spatial characteristics significantly reduced 
wayfinding and landmark recall performance compared to a silent control condition but also compared 
to background speech with constant spatial information. 

 

 
 

Figure 5 – Mean landmark recall performance with standard errors in Study 2 (n=32) 

 

4. DISCUSSION AND CONCLUSIONS  
The research intent of the present study was to test whether background speech containing variable 

spatial information affects visual-spatial cognitive performance. Therefore, a novel wayfinding and 
landmark recall task was used. Study 1 verified that background speech with varying spatial 
characteristics (i.e., with the speaker´s location changing after each spoken sentence) significantly 
disturbs wayfinding and landmark recall performance compared to a silent control condition. This 
finding was replicated and extended in Study 2. Study 2 also applied the wayfinding and landmark 
recall tasks but tested whether background speech in and of itself disturbs landmark recall 
performance or whether the varying spatial information in the background speech signal is necessary 
for a performance decrement to occur. In this study, background speech with varying spatial 
information (i.e., the speaker’s location changed after each sentence) exclusively and significantly 
reduced landmark recall performance, whereas a speech signal with constant spatial information (i.e., 
the speaker remained at one position) did not affect complex visual-spatial cognition. Conclusively, 
Study 2 replicated Study 1 regarding the disturbance effect of a speech signal with distinct and spatial 
varying characteristics and extended the previous findings by verifying that the spatial characteristics 
– and not the speech nature of the background signal – are necessary for disturbance to occur.  

From the cognitive psychological perspective, the two results of the present studies are of special 
importance. First, individual performance in the wayfinding and landmark recall task correlated 
significantly with individual performance in the Corsi block task (Study 1). Since the latter is 
considered a standard measure of visual-spatial short-term memory capacity, it can be assumed that 
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performance on the complex visual-spatial task of wayfinding and landmark recall also relies, among 
others, on this basic cognitive function. Thus, the present study might also clarify the existing 
contradictory findings: Whereas Jones et al. (1995) reported a significant disturbance effect of 
background speech with constant spatial characteristic on visual-spatial short-term memory 
performance, Kvetnaja (2018) was not able to replicate this finding despite increased sample size. The 
results of the present study support Kvetnaja’s results and her interpretation of Jones et al.’s finding 
as a random effect, which became statistically significant by chance and due to an alpha error in 
statistical testing, respectively.  

Second, the detrimental effect of background speech derived from a spatially varying talker 
supports automatic and obligatory processing of spatial audio information even if the background 
speech is irrelevant to the task at hand and should be ignored. It seems reasonable to assume that the 
automated processing of spatial information inherent in the background speech signal (namely the 
speaker’s location) affects performance on tasks that rely on the voluntary processing of spatial 
information. Future research might further test this assumption using other tasks that rely on the 
cognitive processing of spatial information (e.g., construction task, design tasks). With this, our results 
are interesting, and they can potentially stimulate further research from an applied perspective. 
Background sound in daily life is as a standard binaural sound. And as such, it is characterized by a 
defined spatial characteristic. For example, overheard speech produced by several talkers in the 
acoustic background of an open-plan office has per se a defined spatial characteristic, which, however, 
has only sparsely been considered in studies on detrimental effects of background speech (but cp. 
Jones & Macken, 1995; Renz et al., 2018).  

Finally, the fact that the effect of a given background sound on cognitive performance depends on 
both sound and task characteristics poses a particular challenge to research. On the one hand, basic 
research using highly controlled stimulus and task characteristics is necessary to reveal the basic 
cognitive functions and processes underlying task performance, sound processing, and a potential 
cross-talk between the two. On the other hand, more complex tasks and more plausible background 
sounds are desired to validate the obtained empirical results in real life situations. Audiovisual and 
interactive virtual reality (VR) technologies might be able to provide a tool for bridging between basic 
and applied research questions and corresponding experimental set-ups. For example, in an interactive 
audiovisual VR, the present navigation task and background talkers from spatially fixed as well as 
moving positions (“listening while walking to an also moving talker”) might be further tested and 
evaluated.  

Recent theories of auditory cognition and extant empirical findings were predominantly derived 
from studies with “simple” audio reproduction techniques (such as mono/dichotic representation 
without spatial cues). However, research projects which investigate the extent to which these empirical 
findings and the corresponding cognitive psychological models (e.g., on attention, short-term memory, 
communication, and scene analysis) hold true and/or can be validated, modified, or extended in 
close(r)-to-real-life audiovisual virtual environments are now realizable. Hence, research that will 
benefit from or require the use of interactive VR in experiments on auditory cognition can be identified.  
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ABSTRACT 
The Acoustical Society of Japan (ASJ) has published a new version of road traffic noise prediction 

method “ASJ RTN-Model 2018” this April. The technical committee on road traffic noise in the Acoustical 
Society of Japan had been working for structuring the road traffic noise prediction models in conformity with 
the times for decades, and “ASJ RTN-Model 2018” is an up-grade version of the previous model, “ASJ 
RTN-Model 2013”, published in 2014. In developing the new version, existing knowledge is widely taken 
into account, in particular, specification of sound power levels of vehicles and calculation methods for sound 
propagation are improved in wide range. This new model is introduced in five papers with the same main title 
in this congress. In this paper, the framework of the model, the calculation principle, the general procedure of 
prediction calculation, the outline of the revision, are described. 

 
Keywords:  

1. INTRODUCTION 
Road traffic noise is one of the most representative environmental issues worldwide. In Japan, the 

Acoustical Society of Japan organized the Technical Committee on Road Traffi c Noise and the 
committee has continued researches on the road traffic noise issues of Japan for over  40 years. As a 
result of the research activity, a series of the prediction model of road traffic noise named ASJ Model 
(up to the Model 1998) and ASJ RTN-Model (Model 2003 and later) has been published (1-7). In 
Japan, the models have played important roles on noise assessment in the future environment (based 
on the Environmental impact Assessment Law) and noise estimation in regular environmental 
monitoring (based on the Noise Regulation Law). As a result, they have considerably contributed to 
realization of the quiet society in Japan. After release of ASJ RTN-Model 2013 published in 2014, 
the research committee has been working to improve the prediction model on the basis of the latest 
data and knowledge for five years, and the latest version named “ASJ RTN-Model 2018” was 
published this April. This new model is introduced in five papers with the same main title in this 
congress. In this paper (Part 1), the calculation principle, the general procedure of the prediction 
calculation and the outline of the revision are described. The calculation models of sound power 
levels of road vehicles and calculation methods of sound propagation are introduced in Part 2 (8) and 
Part 3 (9), respectively. In addition, accuracy verification of the calculation method of noise in 
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build-up areas is introduced in Part 4 (10). Finally, the prediction accuracy of this model is shown in 
Part 5 (11). 

2. SCOPE 
The conditions applicable to ASJ RTN-Model 2018 are as follows. 

(1) Types of road: General roads (flat, bank, cut and viaduct) and special road sections (interchanges, 
junctions, signalized intersections, road tunnels, depressed/semi-underground roads, flat roads with 
overhead viaducts and double-deck viaducts). 
(2) Traffic volume: No limitation. 
(3) Running speed of vehicles: 40 to 140 km/h for sections of steady traffic flow on expressways 
and general roads, 0 to 60 km/h for sections of non-steady traffic flow section on general roads, 0 to 
80 km/h for acceleration/deceleration sections on expressways such as interchanges, 0 to 60 km/h for 
acceleration/deceleration sections on general roads such as in the vicinity of signalized intersections.  
(4) Prediction range: Up to a horizontal distance of 200 m from the road under consideration and up 
to a height of 12 m above the ground. The validity of the model has been examined for this 
prediction range; however, the model is applicable without any limitation on the calculation range. 
(5) Meteorological conditions: conditions of no wind and no strong temperature profile are assumed 
as the standard condition. 

3. GENERAL PROCEDURE AND BASIC FORMULAE 

3.1 Principle and basic formulae 
In ASJ RTN-Model, the equivalent continuous A-weighted sound pressure level, LAeq,T, at a 

prediction point is calculated. As the first step to calculate LAeq,T, the “unit pattern”, a time history of 
A-weighted sound pressure level at a prediction point for a single vehicle that is considered to be a 
point source passing along the road under consideration is obtained, and the sound pressure exposure 
level, LAE, for the single vehicle is calculated. By taking account of the traffic conditions (traffic 
volume, vehicle type composition, etc.) in the above results, the time-averaged value of the noise at 
a prediction point in terms of energy is calculated. The concrete procedure is as follows. 

First, the objective road (lane) is divided into several  sections as shown in Fig. 1. Here, running 
speed vi [m/s] and sound power level LWA,i of the running vehicle at i-th divided section should be 
regarded as constant. One of the sections is selected and a representative point (source point) is set at 
the center point of the section, and the A-weighted sound power level, LWA,i, is set. Next, sound 
pressure level, LA,i, at the prediction point is calculated according to calculation method of sound 
propagation. Sound pressure exposure level for the i-th section, A , ,iE T iL , during the interval Ti in 
which the vehicle exists in the i-th section is calculated as follows (see Fig. 2). 

A , , A,
0

10 lg
i

i
E T i i

TL L
T

 (1) 

where T0 = 1 s (the reference time). The above calculation is performed for every section.  Then, the 
single event sound exposure level LAE [dB] at the prediction point when a vehicle travels along the 
entire road (lane) is calculated as 

A , ,

10
A 10lg 10

E T iiL

E
i

L  (2) 

Sound power level is dependent on the vehicle type. Therefore, the single event sound exposure 
level LAE is calculated for each vehicle type, and the equivalent continuous A-weighted sound 
pressure level LAeq,T is calculated by taking into consideration of the traffic volume for the vehicle 
type. 
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10
,

Aeq,

10
10lg
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T j
i

T

N
L

T
 

(3) 

where T [s] is the total time interval, LAE,j [dB] is a single event sound exposure level for  vehicle 
type j calculated by Eq. (2), NT,j is the traffic volume (number of vehicles) of the vehicle type j 
during the time interval T. 
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Figure 1 – Sound propagation from a sound             Figure 2 – Unit pattern  

source to a prediction point. 
 

  
Figure 3  Calculation procedure for predicting road traffic noise 

 

3.2 General calculation procedure 
A flow showing the general procedure for calculating road traffic noise based on this model is 

shown in Fig. 3. The outline of the calculation procedure is as follows.  
(A) Setting road structures, roadside conditions and prediction point 

The first step of the procedure includes setting the road structure, the positions of the source, the 
prediction point, and the acoustical obstacles, the ground surface conditions along the propagation 
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path and so on. 
(B) Setting positions of lanes  

The calculation position for each lane is located at the center of the lane. For simplicity of the 
calculation, it is possible to combine two or more lanes into a single hypothetical lane. For instance,  
a hypothetical lane can be located along the centerline between two lanes of traffic traveling in 
opposite directions. 
(C) Setting discrete source positions 

Discrete source positions are generally located within a range of 20l  (l: shortest distance from 
the calculation lane to the prediction point) from the point of intersection of lines representing the 
lane and the perpendicular from the prediction point on the lane. They are located with an interval of 
l or less. On the other hand, in the cases where vehicle running speed varies by acceleration- 
deceleration as seen in special road sections or where the propagation property rapidly changes with 
the arrangement of the sound source, the prediction point and other acoustical factors, it may be 
necessary to shorten the intervals of the discrete sources in order to capture the maximum level of 
the unit pattern correctly, and in order to obtain accurate value of single event sound exposure level 
of the unit pattern, the point sources should be set in the range where the sound pressure level goes 
down to -10 dB or less than the maximum level. 
(D) Setting the power level of the source 

LWA is set considering the type of pavement of the road surface, the running condition of the 
vehicle (steady flow, non-steady flow, acceleration, deceleration and idling while at rest), running 
speed and corrections (power-level change due to the type of pavement, road gradient, directivity 
and other factors). 
(E) Calculation of the unit pattern 

The unit pattern LA;i at the prediction point is calculated when a single vehicle runs alone along 
the objective road. The unit pattern is calculated separately by lane and by vehicle type. 
(F) Calculation of the energy integration of the unit pattern and LAeq 

Single event sound exposure level LAE for respective vehicle type by Eq. (2). Taking into 
consideration of traffic volume NT during the evaluation time T [s], equivalent continuous 
A-weighted sound pressure level LAeq,T is obtained by Eq. (3).  
(G) Calculation of total noise level 

When the road has multiple lanes exist, LAeq,T for all of the lanes is calculated by the energy 
summation of the obtained results for respective driving lanes. In the case of noise prediction around 
a viaduct road, the structure-borne noise of the viaduct is taken into consideration in addition to 
vehicle noise. If a viaduct has a structure separated by a gap between lanes, the noise is calculated by 
considering that each set of lanes exists independently. Sound attenuation caused by the variation of 
sound due to the effect of wind can also be calculated when required.  

Finally, LAeq,T for the entire road is obtained. 

4. OUTLINE OF REVISIONS 
The present model is developed based on the previous version, ASJ RTN-Model 2013 (7), and the 

following points are revised to the previous version.  
(1)Sound source characteristics 
 The classification of road vehicle from an acoustical viewpoint was reviewed and it was 

changed from the conventional four-category classification (large-sized vehicles, medium-sized 
vehicles, small-sized vehicles and passenger cars) to the three-category classification 
(large-sized vehicles, medium-sized vehicles and light vehicles). 

 Based on the latest knowledge regarding the sound power levels of recent vehicles, values of the 
coefficients for the calculation formulae of the A-weighted sound power levels of vehicles were 
updated.  

 In the previous versions of ASJ RTN-Model, the calculation formulae of the A-weighted sound 
power levels of vehicles was basically given for dense asphalt concrete road, and correction 
terms were applied for porous power levels of vehicles were given for respective types of the 
road pavement. 

 In the types of road pavement, gap-graded asphalt mixture (referred to as “KOUKINOU II”), 
which is often used in cold snowy regions in Japan due to its high durability, was newly 
included. 

 Based on the latest data on recent road vehicles, sound power spectra of vehicle noise were 
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updated.  
 The latest knowledge on the A-weighted sound power levels of hybrid vehicles (HVs) and 

electric vehicles (EVs) are given. 
(2) Propagation calculation 
 The corrections due to sound attenuation by diffraction and reflection were reviewed and a part 

of calculation formulae and values of coefficients were updated.  
 For correction for diffraction, sound diffraction over knife wedge (assuming a barrier) and that 

over right-angled wedge (assuming an embankment or a building) were discriminated and 
formulae for respective fundamental correction terms were given. 

 According to update of sound power spectra of vehicles and addition of gap-graded asphalt 
mixture to road pavement type, values of the coefficients for calculation formulae on correction 
terms on diffraction were updated. 

 According to the introduction of fundamental term on right-angled wedge diffraction, the 
calculation method of thick barrier was changed. 

 In addition, applying the calculation method of the thick barrier, calculation method for 
overhung barrier was also changed. Noise shielding effects of overhung barriers were modeled 
as summation of the noise shielding effect of a hypothetical thick barrier with the same 
diffraction point as the objective overhung barrier and the specific shielding effect to the type of 
the overhung barrier, and the calculation method based on such a modeling was given. 

 For ground effect, calculation method for ground effect over porous asphalt pavement was 
newly added. 

 For scattered reflection method included in calculation method of sound reflection, method of 
setting of the calculation condition was described. 

 On the basis of numerical investigation of meteorological effect on sound propagation of road 
traffic noise, upper limit of attenuation effect due to diffraction and ground effect was 
determined. 

 Calculation method of frequency-dependent propagation was updated to generalized 
energy-base method. 

(3) Special road sections 
 Calculation method of noise around road tunnel was changed to the method taking into 

consideration of directivity characteristics of sound radiation from tunnel mouth.   
 For noise around flat/overhead roads and double-deck viaduct, calculation method of scattered 

reflection was simplified. 
(4) Noise behind a single building and in build-up areas 
 For road traffic noise in build-up areas, calculation method based on a point source model given 

in the previous model was simplified from an engineering viewpoint and the content was 
updated. 

 The detailed calculation method based on a point source model was described in Appendix in 
order to meet the necessity in which detailed unit patterns should be calculated. 

5. CONCLUSIONS 
As mentioned above, ASJ RTN-Model 2018 is basically an energy-base calculation method based on 

LAeq and can be applied to almost all types of roads, in principle. This prediction model will be effectively 
used for the environmental impact assessment and regular environmental monitoring in Japan. At the same 
time, this model can be applied to noise mapping of existing environment. However, there still exist various 
kinds of problems that should be solved in the future. For this aim, the Research Committee on Road 
Traffic Noise in the Acoustical Society of Japan will continue the research work. 
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ABSTRACT
The Acoustical Society of Japan (ASJ) has published a new revised version of road traffic noise prediction 
model “ASJ RTN-Model 2018”, in which the calculation formula for the A-weighted sound power level of 
each type of road vehicles is specified. The sound power level is given basically as a function of the running 
speed in consideration of practicality and convenience. The Research Committee in ASJ has been 
accumulating new data about noise emission of vehicles running on expressways and general roads over the 
last decade. As results, the sound power level of light vehicles, which include passenger cars, hybrid vehicles 
and small-sized vehicles, for the dense asphalt pavement was changed to a lower value than those in the 
previous model. In addition, the calculation formula for sound emission on the porous asphalt pavement was 
revised, and that on the road paved with the gap-graded asphalt mixture (GGAM, referred to as 
“KOUKINOU II”) was introduced into the model. In this paper, the revised model of the sound power level
and power spectrum for road vehicles based on the newly acquired data are described.

Keywords: Sound Power Level, Power Spectrum, Hybrid Vehicles

1. INTRODUCTION
The calculation formulas for the A-weighted sound power level LWA of road vehicles have been 

developed based on a large amount of pass-by noise measurements performed at roadsides of 
expressways and general roads (1, 2). The sound power level depends not only on the vehicle type but 
also on the running condition, pavement type and so on. The basic calculation formula for LWA is given 
as a function of the running speed, and the influences of other factors are considered in the correction
terms. The most measurement data used for determining the formulas have been acquired in 1991–
1998 for the dense asphalt pavement, and in 1996–2008 for the porous asphalt pavement (3-5), 
respectively. On the other hand, in order to improve those models more accurately, the Research
Committee has been accumulating new data about noise emission of road vehicles after the previous 
model was published. In this paper, the revised model of sound power level and power spectrum for 
road vehicles using the newly acquired data are described. In addition, the differences between LWA on 
the dense asphalt pavement and on the road paved with the gap-graded asphalt mixture (GGAM) 
introduced into the new model are presented.

2. CLASSIFICATION OF ROAD VEHICLES
In ASJ RTN-Model 2018, road vehicles are basically classified into two or three categories, as 

shown in Table 1. The three-category classification (light vehicles, medium- and large-sized vehicles) 
places importance on noise radiation characteristics, while the two-category classification (light and
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2 fuku-new@wonder.ocn.ne.jp
3 yamauchi@design.kyushu-u.ac.jp
4 sakamo@iis.u-tokyo.ac.jp
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heavy vehicles) takes practicality into account. In the prediction of road traffic noise, not only the 
sound power level of each road vehicle but also the percentage of each type of vehicle comprising the 
traffic volume is an important factor. Thus, the percentage of heavy vehicles (medium- and large-sized 
vehicles) in the two-category classification is widely used in the environmental impact assessment of 
roads. Additionally, the noise generated from motorcycles can be also considered separately.

Table 1 – Vehicle categories defined in ASJ RTN-Model 2018.

Two-category Three-category Characteristics

Light vehicles

Passenger cars used exclusively for carrying passengers with capacity of 10 or 
fewer
*Small-sized vehicles with engine displacement exceeding 0.050 liter and with 
overall length of 4.7m or less

Heavy 
vehicles

Medium-sized 
vehicles

Vehicles with overall length exceeding 4.7m excluding large-sized vehicles 
(most vehicles in this category have 2 axles)
Medium-sized buses with capacity from 11 to 29 passengers

Large-sized 
vehicles

Vehicles with gross vehicle weight of over 8 t or maximum authorized payload 
of over 5 t (most vehicles in this category have 3 or more axles).
Large-sized buses with capacity of 30 or more passengers
Large-sized special motor vehicles

Motorcycle Motorcycles and mopeds
Note: * In the previous model (ASJ RTM-Model 2013), light vehicles were classified into two types: passenger cars and 
small-sized vehicles. However, these vehicle types are specified in the same category, because the ratio of number of the 
registered small-sized vehicles to passenger cars decrease to about 14% in recent years.

3. SOUND POWER LEVEL OF ROAD VEHICLES
The sound power level of road vehicles generally varies not only with the road vehicle type, but 

also with the running condition of vehicle and pavement type. In this model, the sound power level is 
set separately for pavement types and sections taking into account vehicle running conditions, which 
are defined as follows.

Types of pavement (see Fig.1):
(a) Dense asphalt pavement: road surface with a dense asphalt concrete pavement
(b) Porous asphalt pavement: porous asphalt with a maximum chipping size of 13 mm and a designed void 

content of 20%
(c) Gap-graded asphalt mixture (GGAM): porous asphalt, which is referred as to “KOUKINOU II”, formed 

in layers with the top layer having a maximum chipping size of 13 mm and the bottom layer of stone 
mastic asphalt (SMA).

Figure 1 – Schematic of porous asphalt pavement and gap-graded asphalt mixture (GGAM).

Types of section taking into account vehicle running conditions:
(a) Steady traffic flow section: This is a section of expressway or general road sufficiently distant from 

signalized intersections, where vehicles can be driven in top-gear position or equivalent. The vehicle 
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running speed V is in the range from 40 to 140 km/h (see Fig.2).
(b) Non-steady traffic flow section: This is a general road including signalized intersections, where vehicles 

frequently accelerate and decelerate. The speed V is in the range from 10 to 60 km/h (see Fig.2).
(c) Acceleration section: The running condition in this section is defined as a transitional state from the 

stopping condition at an expressway tollgate to the steady running condition in the main lane. The speed 
V is in the range from 1 to 80 km/h. Acceleration at speeds exceeding 80 km/h is treated as the steady 
running condition. Also, a constant power level is applied at speeds of less than 1 km/h (see Fig.5).

(d) Deceleration section: The running condition in this section is defined as the transitional state from the 
steady running condition in the main lane to the stopping condition at the tollgate. The speed V is in the 
range from 10 to 140 km/h. A constant power level is applied at speeds of less than 10 km/h (see Fig.5).

3.1 Sound Power level of Road Vehicles on Dense Asphalt
In this model, the sound power level for each type of road vehicles is given basically as a 

function of the running speed, similarly to that in the previous model for practicality and 
convenience. The A-weighted sound power level LWA of a road vehicle running on the dense asphalt 
pavement is given by = + lg + , (1)= + + , (2)
where V is the vehicle running speed [km/h], a and b are regression coefficients, and C is the 
correction term for the change in the sound power level due to the road gradient Lgrad [dB], sound 
radiation directivity Ldir [dB] and other factors Letc [dB]. The calculation methods for these 
corrections were assumed to be the same as the previous model.

Figure 2 – Illustration of LWA in steady and non-steady traffic flow sections (dense asphalt pavement).

Figure 2 shows an illustration of LWA on the dense asphalt pavement in the steady and non-steady 
traffic flow sections. The coefficients a, b for each vehicle type in the both sections are given in Table 
2. For the determination of the coefficient b which represents the running speed dependence of the 
generated noise, the pass-by noise measurements have been performed on test tracks and several 
general roads using each type of vehicle. As results of those studies (4, 5), it was revealed that the 
value of coefficient b can be given by 30 for steady traffic flow section, and 10 for non-steady traffic 
flow section, respectively.

The coefficient a depending on vehicle types was determined using the pass-by measurement data
conducted at actual roads. The newly acquired data for LWA of each vehicle type was 4,529 for light 
vehicles, 688 for medium-, and 606 for large-sized vehicles. From the measurement results, LWA for 
light vehicles on the dense asphalt pavement was changed to 0.9 dB lower than that in the previous 
model (0.9=46.7–45.8, Table 1). The principal reason of this change in LWA is that the number of the 
low-emission vehicle such as hybrid and electric vehicles (HVs/EVs) and mini-sized vehicles (also 
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referred to as K-cars) are increasing year by year. The discussion on LWA of those road vehicles is
described in subsequent section. On the other hand, for heavy vehicles including medium- and 
large-sized vehicles, the collected LWA were the same as that adopted in the previous model. The other 
calculation formulas for LWA in acceleration and deceleration sections on the dense asphalt pavement
were assumed to be the same as the previous model, and please refer to the model (1).

Table 2 – Coefficients a and b for LWA on urban roads (dense asphalt pavement).

Classification
Steady traffic flow section
(40 km/h V 140 km/h)

Non-steady traffic flow section
(10 km/h V 60 km/h)

a b a b

Light vehicles 45.8
30

82.3
10

Heavy vehicles 53.2 88.8

Medium-sized vehicles 51.4
30

87.1
10

Large-sized vehicles 54.4 90.0

Motorcycles 46.9 30 85.2 10

3.1.1 Low Emission Vehicles
The number of the registered mini-sized vehicles and HVs/EVs in Japan are shown in Fig.3. At 

end of March 2017, the number of the registered mini-sized vehicles and HVs/EVs contained in the 
category of passenger cars are about 2,200 million and 70 million, respectively. The percentage of 
these vehicle types are about 35% and 10% of overall passenger cars during the last five years. In 
particular, the market share of HVs/EVs is expected to grow in the future. 

As mentioned the previous section, LWA for light vehicles obtained from the newly acquired data 
were revealed to be lower than that adopted in the previous model. Therefore, the measurement data 
of passenger cars were divided into conventional gasoline engine vehicles (GEVs), HVs/EVs, and 
mini-sized vehicles, and LWA for those types of road vehicles were compared with each other.

Figure 3 – Number of registered mini-sized vehicles and HVs/EVs in the category of passenger cars.

Table 3 – Coefficient a for vehicle types in the category of light vehicles.

Classification a Meas. number

Passenger cars 45.3 4,221

Conventional GEVs 45.8 2,527

HVs 45.2 451

Mini-sized vehicles 44.3 1,243

Small-sized vehicles 48.1 308
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Figure 4 – Speed dependence of LWA for conventional GEVs, HVs and mini-sized vehicles 
(Passenger cars, n: number of data, r: correlation coefficient, s: standard error).

Table 3 and Figure 4 show the coefficients a in the formulas for LWA of each vehicle type contained 
in the category of light vehicles. The number of the acquired data were 2,527 for GEVs, 451 for HVs 
(including two EVs), and 1,243 for mini-sized vehicles. The LWA for HVs and mini-sized vehicles were 
0.6 dB and 1.5 dB lower than that for conventional GEVs, respectively. The reasons for the decrease in 
LWA of light vehicles could include the increase in the number of these low-emission vehicles.

Furthermore, the noise reduction effect of the low-emission vehicles can be expected in the vicinity 
of signalized intersections or expressway tollgates, where are dominated by the power-unit noise of 
vehicles (6-8). The accumulating measurement data of LWA for HVs/EVs and examination of the noise 
reduction effect by the low-emission vehicles are necessary for assessing road traffic noise in the 
future environment.

3.2 Sound Power level of Road Vehicles on Porous Asphalt
Regarding the porous asphalt pavement and GGAM, the sound power level LWA for each type of

road vehicles is given as functions of the running speed and the number of years since the pavement
was constructed, as follows: = + lg + lg(1 + ) + (3)= + + + (4)
where a, b and c are regression coefficients, and y indicates the number of years since the pavement 
was constructed. Among the correction terms C, Ltraf is a term taking into account the changes in 
noise reduction effect depending not only on the elapsed years y, but also on the daily traffic volume.
However, the relationships between the traffic volume and noise reduction effect of the porous 
pavement have not yet been analyzed quantitatively. Therefore, the correction value Ltraf is assumed 
to be 0 dB. Figure 5 shows an illustration of LWA on the porous asphalt pavement in the acceleration 
and deceleration sections near an expressway tollgate. The examples of coefficients a, b and c for 
porous asphalt pavement are given in Table 4, and those for GGAM are presented in Table 5,
respectively.

To determine the coefficient a, b and c in the steady traffic flow section, the pass-by noise 
measurements have been conducted on 17 expressways paving with porous asphalt, and 7 expressways 
paving with GGAM (9). Also, the annual changes in LWA was examined using the measurement data
performed up to 11 years for the porous asphalt pavement, and up to 7 years for GGAM. The traffic 
volume of the target road was almost 15,000 or less vehicles per day for measuring noise generated 
from a single running vehicle. In ASJ RTN-Model 2018, from these examination results, the 
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coefficients b which represents the running speed dependence of LWA is fixed at 25 for the porous 
asphalt pavement, and at 30 for GGAM, respectively. In the case of motorcycles, the noise reduction 
value by these low-noise road surfaces is 0 dB. Besides, the formulas for LWA in the acceleration 
section was assumed to be the same as the previous model (Table 4).

Figure 5 – Illustration of LWA near an expressway tollgate (porous asphalt pavement).

Table 4 – Coefficients a, b and c for LWA near an expressway tollgate (porous asphalt pavement).

Classification
Steady/ Deceleration section
(60 km/h V / 1 V )

Acceleration section
(1 V 60 km/h)        (60 V 80 km/h)

a b c a b c a b c

Light vehicles 50.6
25

1.5 79.1
10

6.4 88.0
5

6.4

Heavy vehicles 57.7 0.6 87.4 3.6 96.3 3.6

Medium-sized vehicles 56.5
25

0.7 85.7
10

3.6 94.6
5

3.6

Large-sized vehicles* 58.7 0.5 88.6 3.6 97.5 3.6

Motorcycles 49.6 30 – 87.7 10 – 87.7 10 –

*Except for large-sized buses (a = 56.1, b = 25, c = 0.5) in the case of steady/ deceleration section

Table 5 – Coefficients a, b and c for LWA near an expressway tollgate (GGAM).

Classification
Steady traffic flow section (6 V 140 km/h)

a b c

Light vehicles 45.2
30

0.1

Heavy vehicles 50.3 0.4

Medium-sized vehicles 49.5
30

0.5

Large-sized vehicles* 50.9 0.4

Motorcycles 49.6 30 –

*Except for large-sized buses (a = 47.9, b = 30, c = 0.4)

Figure 6 shows a comparison of the calculated A-weighted sound pressure levels LA between 
different pavement types under the steady running conditions. In this calculation, the coefficients for 
LWA of light and heavy vehicles (two-category classification) in steady/ deceleration section are used, 
and the elapsed years y and the percentage of heavy vehicles comprising the traffic volume is
assumed to be zero and 20%. At a running speed of 80 km/h, it can be seen that the noise reduction 
compared with conventional dense asphalt pavement is 4.9 dB for porous asphalt pavement, and 1.8 
dB for GGAM, respectively. 

10dB

Steady/ Deceleration section
LWA=a+25 lgV+c lg (1+y )+C

Acceleration section
LWA=a+10 lgV+c lg (1+y )+C

LWA: Constant

10 20 40 60 80 100 120 140
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Figure 6 – Comparison of calculated LA of road traffic noise between different pavement types
(steady/ decreasing running conditions).

(a) Dense asphalt pavement (b) Porous asphalt pavement and GGAM

Figure 7 – A-weighted relative sound power levels in 1/3-octave bands on different types of road pavements.

4. SOUND POWER SPECTRUM OF ROAD VEHICLES
The A-weighted sound power level for each frequency band (1/n-octave band) is given by the 

following method. For the frequency bands, the center frequencies for the 1/1-octave bands are from 
63 Hz to 4 kHz, and those for 1/3-octave bands are from 50 Hz to 5 kHz. The A-weighted band 
power level LWA(fc,i) for the i-th center frequency is calculated as, = + , (5)
where LWA is the A-weighted sound power level of road traffic [dB] and LWA(fc,i) is the A-weighted 
relative power level for the frequency band of fc,i [dB]. The energy synthesis value of LWA(fc,i) is 
adjusted to 0 dB.

Figure 7(a) shows the A-weighted relative sound power levels LWA(fc,i) in 1/3-octave bands for 
four types of road vehicles on dense asphalt pavement. It can be seen that the A-weighted sound 
power levels for heavy vehicles (medium- and large-sized vehicles) are dominated by the 
low-frequency components, and the maximum of the sound spectrum shifts to lower frequency than 
that for light vehicles (passenger cars and small-sized vehicles).

The comparison of the typical LWA(fc,i) for road traffic noise, which is calculated from LWA of 
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heavy and light vehicles, between different pavement types is presented in Fig.7(b). Regarding the 
porous asphalt pavement, the peaks of the relative 1/3-octave band levels are at frequencies of 630 
and 800 Hz, and the components at frequencies above 1 kHz are lower than those for the dense 
asphalt pavement. On the other hand, the sound spectrum of traffic noise on GGAM is quite similar 
to that on the dense asphalt pavement except for a frequency range of 2 kHz or more.

5. CONCLUSIONS
The calculation formula for the A-weighted sound power level LWA and the sound power spectrum 

model of each road vehicle type have been revised in ASJ RTN-Model 2018. The main results are as 
follows:
(1) The category of the road vehicle types was changed from four-category classification to 

three-category classification (light-, medium-, and large-sized vehicles).
(2) The calculation formula for LWA of road vehicles under steady running conditions was modified 

based on newly accumulating data of pass-by noise measurements. The noise reduction relative to 
the conventional dense asphalt pavement is almost 5 dB for porous asphalt pavement, and 2 dB 
for GGAM, respectively.

(3) The typical sound power spectrum of road traffic noise on each type of pavement was revised. The 
sound spectra for GGAM and dense asphalt pavement are similar except for high-frequency 
components of road traffic noise.

(4) The sound power levels of HVs/EVs on the dense asphalt pavement are almost 1 dB lower than 
those of conventional passenger cars (GEVs) at steady running speeds over 40 km/h. The further 
measurement under acceleration running conditions will be necessary to assess the noise reduction 
effect by these low-emission vehicles near the intersections in urban areas.
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ABSTRACT 
As the third part of “ASJ RTN-Model 2018”, calculation model of sound propagation is presented. This 
model is basically developed as a practical calculation model based on Geometrical Acoustics. The 
calculation equations in this model are defined on the basis of experimental or numerical analysis data. The 
overall values of the A-weighted sound pressure level of noise propagating from a vehicle are directly 
calculated by considering the frequency characteristics of vehicle noise. This calculation model consists of 
shielding effects by several type barriers, excess attenuation due to ground surface, atmospheric absorption 
effect, sound reflection and meteorological effect. Based on newly obtained knowledge, several 
improvements were made on the calculation method to develop the model. 

 
Keywords: Road Traffic Noise, Prediction Model, ASJ RTN-Model 2018, Sound Propagation 

1. INTRODUCTION 
The calculation method of sound propagation in the road traffic noise prediction model "ASJ 

RTN-Model 2018" is an engineering one for calculating “the unit pattern“, a time history of 
A-weighted sound pressure level LA for a driving vehicle. This method is based on sound propagation 
in hemi-free space and various attenuations such as diffraction effect and ground effect are corrected, 
and the LA as the summation of all frequency components is directly obtained. The calculation method 
of sound propagation has been updated every five years by modifying the previous model based on 
newly obtained knowledge since "ASJ Model 1998" [1] had been published at 1999. 

In this version of the model, several components of calculation method of sound propagation are 
modified from and newly added to the previous version [2]. As for the diffraction effect, values of the 
parameters to calculate sound diffraction of vehicle noise were improved or newly added under 
consideration of sound source characteristics of recent road traffic noise. The calculation method for 
diffraction effects at a wedge with an opening angle as seen in a building and an embankment was 
newly added, and the effects for thick barrier or overhung barrier were modified based on the results of 
the wave-based numerical analysis. As for the ground effect, treatment of porous asphalt pavement 
was newly added based on measurement results. 

2. BASIC EQUATIONS OF SOUND PROPAGATION 
Considering attenuation due to various factors in the sound propagation from an point source set on 

a center of driving lane, the A-weighted sound pressure level LA,i [dB] for vehicle noise propagating 
from the i th source Si to the prediction point P is calculated as follows: 

iiiWi LrLL cor,A,A, lg208 Δ+−−=  (1) 
where LWA,i is the A-weighted sound power level of the source Si [dB] and ri is the distance from Si to 
P [m]. ΔLcor,i denotes the correction related to various attenuation factors in the sound propagation 

                                                        
1 fuku-new@wonder.ocn.ne.jp  2 sakamo@iis.u-tokyo.ac.jp 
3 yyasuda@kanagawa-u.ac.jp  4 t-yokota@kobayasi-riken.or.jp 
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from Si to P [dB] and is given by 
,i,i,i,i LLLL airgrnddifcor Δ+Δ+Δ=Δ  (2) 

where ΔLdif,i is the correction term for diffraction [dB], ΔLgrnd,i is the correction term for the ground 
effect [dB] and ΔLair,i is the correction term for atmospheric absorption [dB]. 

3. Correction for Diffraction ∆Ldif 
Correction terms for various types of diffraction are listed in Table 1. The correction for diffraction 

due to acoustical obstacles, ΔLdif, is calculated using fundamental correction term ΔLd,k or ΔLd,r [dB] as 
a function of the diffraction path difference δ [m]. In this version of the ASJ RTN-Model, two 
fundamental correction terms, ΔLd,k and ΔLd,r , are introduced. ΔLd,k is applied for diffraction around a 
knife wedge such as a barrier, and it was determined from Maekawa's chart for diffraction [3,4] and 
the frequency characteristics of the recent road traffic noise. ΔLd,r is another fundamental correction 
term for diffraction around wedge with an opening angle which is applied to a building or an 
embankment road, and is newly added based on the results by numerical analysis [5]. Note that the 
symbol ΔLdif is a generic term used to represent the correction terms in Table 1. When the shielding 
effect of acoustical obstacles exceeds approximately 30 dB, it may not be so large as to be indicated by 
the calculated values because of the influence of actual wind conditions. 

3.1 Fundamental correction term for diffraction, ∆Ld,k and ∆Ld,r 
The fundamental correction terms for diffraction ΔLd,k and ΔLd,r are calculated as a function of the 

path difference δ [m] shown in Figure 1 for diffraction considering the point source S, the prediction 
point P and the diffraction point O: 

( )
( )

spec spec

1 0.415
d,k spec spec

1 0.415
spec spec

20 10lg( ) 1

5 17.0 sinh 0 1

min 0, 5 17.0 sinh 0

c c

ΔL c c

c c

δ δ

δ δ

δ δ

−

−

⎧− − ≥⎪
⎪= − − ⋅ ≤ <⎨
⎪

⎡ ⎤⎪ − + ⋅ <⎣ ⎦⎩

 (3) 

( )
( )

spec spec

1 0.415
d,r spec spec

1 0.415
spec spec

17.5 10lg( ) 1

2.5 17.0 sinh 0 1

min 0, 2.5 17.0 sinh 0

c c

ΔL c c

c c

δ δ

δ δ

δ δ

−

−

⎧− − ≥⎪
⎪= − − ⋅ ≤ <⎨
⎪

⎡ ⎤⎪ − + ⋅ <⎣ ⎦⎩

 (4) 

where the path difference δ is defined as a negative value when S is visible from P. The function 
min[a,b] in the Eqs.(3),(4) gives the smallest value of a and b. The coefficient cspec is defined as shown 
in Table 2. ΔLd,k and ΔLd,r are illustrated in Figure 2 as a function of δ. 

Table 1 – Symbols of correction terms for various types of diffraction. 
Purpose Symbol Summary 

Fundamental term  
ΔLd,k 

ΔLd,r 

Fundamental term for various types of diffraction 
 for a knife wedge  
  for a wedge with an opening angle 

Simple barrier 
(Single diffraction) 

ΔLdif,sb Single diffraction around a simple barrier considering an infinite half-screen 
Cdif,abs Absorption effect of the standard metallic absorptive- type barrier 

Embankment ΔLdif,rw Single diffraction at an edge of a shoulder on an embankment road 
Double barriers ΔLdif,db Double diffractions due to double barriers 
Thick barrier ΔLdif,tb Double diffractions around a thick barrier, including an embankment or a 

building
Barrier with overhang 
(Overhung barrier) 

ΔLdif,ob Diffractions around a barrier with an overhang 
Cdif,ob Overhang effect (Additional correction term by an overhung barrier) 

Edge-modified 
barrier 

ΔLdif,emb Diffraction around a barrier with acoustic device on the top edge to reduce 
diffracted sound

ΔLdif,hb Diffraction around a hypothetical simple barrier 
Cdif,emb Additional correction term by edge-modified barrier 

Low-height barrier ΔLdif,low Single diffraction around a low-height barrier with a height of 1 m or less in 
a flat terrain

Transmission through 
barrier 

ΔLdif,trans Summation of diffraction over a barrier and transmission through a barrier 
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Table 2 – Coefficient cspec values

Classification of noise cspec 

Noise from running vehicles 
Dense asphalt pavement 1.00 
Porous asphalt pavement 0.75 
Gap-graded asphalt pavement 0.96 

Structure-borne noise from viaducts (Independent of viaduct type) 0.60 

3.2 Single diffraction 
3.2.1 Simple barrier, ∆Ldif,sb 

The correction term ΔLdif,sb for diffraction around a simple barrier [dB] is calculated as follows: 
d,k

dif,sb
d,k dif,abs

                 except for standard metallic absorptive-type barrier
   standard metallic absorptive-type barrier

ΔL
ΔL

ΔL C
⎧⎪= ⎨ +⎪⎩

 (5) 

where Cdif,abs is the correction term for the absorption effect of the standard metallic absorptive-type 
barrier [dB] and is calculated as [6]: 

( )
⎩
⎨
⎧

≤
>+−

=
00
0201lg5.0

absdif, δ
δδ

C  (6) 

In order to calculate LAeq at a prediction point around a barrier with a finite length, the “one-path” 
method considering only the diffraction at the top edge of the barrier can be available. If a line segment 
SP from S to P crosses a finite barrier in a plan view, ΔLdif is calculated using Eq.(5). If not, the 
propagation from S to P is calculated for a terrain without a barrier. 
3.2.2 Diffraction at wedge with opening angle, ∆Ldif,rw 

The correction term ΔLdif,rw for single diffraction around wedge with an opening angle such as an 
edge of shoulder on an embankment road [dB] is calculated as follows: 

dif,rw d,rΔL ΔL=  (7) 

3.3 Double diffractions 
3.3.1 Double barriers, ∆Ldif,db 

The correction term ΔLdif,db for the diffraction around a pair of barriers [dB] with a spacing of 5 m 
or more, shown in Figure 3, is calculated as follows [7]: 

(a). ΔLd,k for knife wedge                 (b). ΔLd,r for wedge with an opening angle
Figure 2 – Fundamental correction termΔLd,k and ΔLd,r as a function of path difference δ. 
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Figure 1 – Direct path R = SP, diffraction path L = SO + OP and path difference δ. 
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SXP,k XYP,k SXP SYP
dif,db

SYP,k SXY,k SXP SYP

ΔL ΔL
ΔL

ΔL ΔL
δ δ
δ δ

+ ≥⎧⎪= ⎨ + <⎪⎩
 (8) 

where ΔLABC,k is ΔLd,k for the diffraction path ABC with the path difference δABC. 
Even if the two barriers are not parallel, ΔLdif,db is calculated by Eq.(8) using the coordinates of 

each diffraction point on the shortest propagation path [8]. As the attenuation due to shielding by 
double barriers increases, lower frequency components are more dominant as compared with single 
barrier. Therefore, when ΔLdif,db calculated by Eq.(8) becomes approximately -30 dB or less, the 
calculation error becomes large.  
3.3.2 Thick barrier, ∆Ldif,tb 

The correction term ΔLdif,dd for the double diffraction around an acoustical obstacle such as an 
embankment or a building [dB], shown in Figure 4, is calculated as follows [5,9]: 

SXP,r XYP,r SXP SYP
dif,tb

SYP,r SXY,r SXP SYP

ΔL ΔL
ΔL

ΔL ΔL
δ δ
δ δ

+ ≥⎧⎪= ⎨ + <⎪⎩
 (9) 

where ΔLABC,r is ΔLd,r for the diffraction path ABC with the path difference δABC. Even behind a thick 
barrier, low frequency components become dominant as compared with a single barrier. 
3.3.3 Overhung barrier, ∆Ldif,ob 

The shielding effect of the overhung barrier is generally larger than that of a hypothetical thick 
barrier with the same diffraction point as the overhung barrier. Furthermore, the additional shielding 
effects depend on the type of the overhung barrier and frequency. In this model, calculation formula 
of the additional shielding effect was determined based on the results of the numerical analysis in 
which the shielding effects of overhung barriers in A-weighted overall level for road traffic noise 
were obtained. 

The correction term ΔLdif,ob for the diffraction around a overhung barrier [dB], shown in Figure 5, is 
calculated by the following equations [10]: 

dif,ob dif,tb dif,obΔL ΔL C= +  (10)

dif,ob
dif,tb

1
C

BC A
B ΔL

⎧ ⎫⎛ ⎞⎪ ⎪= −⎜ ⎟⎨ ⎬⎜ ⎟−⎪ ⎪⎝ ⎠⎩ ⎭
 (11)

where ΔLdif,tb is the correction term for the hypothetical thick barrier approximated as obstacle with 
diffraction points X and Y using Eq.(9). Cdif,ob is the correction term for the overhang effect [dB] 
determined by the difference between the A-weighted sound pressure level behind the overhung 
barrier and that behind the thick barrier. The coefficients A, B, and C are listed in Table 3. 

3.4 Edge-modified barrier, ∆Ldif,emb 
The calculation method of the correction term ΔLdif,emb for the diffraction around an 

edge-modified barrier [dB] follows the method of "ASJ RTN-Model 2013", and ΔLdif,emb is given as 
the summation of shielding effect for hypothetical simple barrier and device-dependent efficiency of 
edge-modified barrier, as follows: 

S 
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(a) δ SXP ≥ δ SYP 
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(b) δ SXP < δ SYP 
Figure 3 – Calculation of diffraction around

double barriers. 
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Figure 4 – Calculation of diffraction around 

thick barrier. 
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dif,emb dif,hb dif,embΔL ΔL C= +  (12)
where ΔLdif,hb is the correction term ΔLdif,sb for single diffraction by the hypothetical simple barrier 
[dB] shown in Figure 6, and Cdif,emb is the device-dependent efficiency of edge-modified barrier [dB]. 
The edge of hypothetical barrier corresponds to the intersection of the two straight lines SO and PO 
in Figure 6, which are the line through the point source and the source-side edge of the 
edge-modified barrier, and the line through the prediction point and the receiver-side edge, 
respectively. 

3.5 Low-height barrier, ∆Ldif,low 
The calculation method of the correction term ΔLdif,low for the diffraction around a barrier with a 

height of 1 m or less [dB] follows the method of "ASJ RTN-Model 2013", and ΔLdif,low is given as the 
insertion loss of the barrier:  

dif,low d,k,1 d,k,0ΔL ΔL ΔL= − (13)
where ΔLd,k,1 and ΔLd,k,0 are ΔLd,k for O1 (an edge of the barrier) and O0 (an intersection of the barrier 
and the ground) shown in Figure 7, respectively. 

3.6 Transmission through barrier, ∆Ldif,trans 
The correction term ΔLdif,trans for the transmission [dB] is obtained as a function of the diffracted 

sound, the sound energy through the hypothetic opening corresponding to the width of the barrier, 
and the sound transmission loss of the barrier considering the A-weighted spectra of road traffic 
noise. 

4. Correction for Ground Effect, ∆Lgrnd 

4.1 Fundamental correction term for ground effect, ∆Lg 
The sound wave propagating above a ground with a finite impedance is attenuated due to the 

interference of the direct wave and the reflected one on ground surfaces. The ground effect by the 
interference is calculated using the fundamental correction term ΔLg [dB] determined as the 
difference between the A-weighted sound pressure level propagating above the ground with a finite 
impedance and that above the rigid surface, as follows [11]: 

 
 

Table 3 – Coefficient values of Cdif,ob 
Type of overhung 

barrier 
Coefficient values
A B C

T-type 3.0 10 1.0 
Y-type 3.5 10 2.0
L-type 1.5 10 1.5

Semi-Y-type 1.5 10 1.5 

(a) T-type       (b) L-type 

S P
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Figure 5 – Calculation of diffraction around 
overhung barrier. 
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Figure 6 – Calculation of diffraction around 
edge-modified barrier. 

Figure 7 – Calculation of diffraction around 
a low-height barrier. 
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where ΔLg is the fundamental correction term for ground effect under consideration of spectral 
characteristic of road traffic noise, K is a coefficient for the excess attenuation, r and rc are the 
propagation distance [m] and the critical distance [m], respectively. K and rc depend on the type of 
ground surface. Equations for K and rc for loose soil, grassland, and compacted ground were provided 
as a function of the height of propagation path in previous version of the ASJ RTN-Model. In this 
version, equations for K and rc for propagation above porous asphalt pavement is newly added [12]. 

4.2 Calculation method of ground effect for several road types, ∆Lgrnd 
The correction term ΔLgrnd for excess attenuation by ground effect from a vehicle S to a receiver P 

is calculated as the summation of fundamental correction terms ΔLg,i from S to P as shown in Figure 8: 

grnd g,
  1

n

i
i

ΔL ΔL
=

= ∑  (15)

where ΔLg,i is fundamental correction term ΔLg [dB] for ground effect due to the i th ground surface. 
ΔLg =0 [dB] for road surfaces paved with dense asphalt or gap-graded asphalt pavement. When the 
attenuation by ground effect exceeds approximately 30 dB, it may not be so large as to be indicated by 
the calculated values because of the influence of actual wind conditions. 

5. Correction for Air Absorption, ∆Lair 
The correction due to air absorption ΔLair is specified on the basis of the standard atmospheric 

condition of 20°C temperature and of 60 % relative humidity and it is given as follows: 
2 3

air 6.84 2.01 0.345
1000 1000 1000

r r rΔL ⎛ ⎞ ⎛ ⎞ ⎛ ⎞= − + −⎜ ⎟ ⎜ ⎟ ⎜ ⎟
⎝ ⎠ ⎝ ⎠ ⎝ ⎠

 (16)

where, r is the distance [m] between a source point S and a prediction point P. 

6. Calculation Methods of Sound Reflection 
For the calculation methods of sound reflection, two kinds of calculation methods are prepared in 

this model. One is specular reflection method applied to flat surface with sufficiently large size and the 
other is scattered reflection method employed to uneven surface. 

6.1 Specular reflection method 
6.1.1 Basic equation 

This method is applied to flat surface with sufficiently large size in comparison with the 
wavelength. The reflection in this situation is equivalently considered as the diffraction from a 
mirror-image source S' of a real source S to receiver P around a hypothetical absorbing barrier, which 
is set complementarily to the original reflecting surface, as shown in Figure 9. The specular reflection 
is calculated as 

absreflAreflA, lg208 LLrLL W Δ+Δ+−−= (17)
where LA,refl is the A-weighted sound pressure level of the reflected sound [dB], r is the path length 
from S' to P [m], ΔLrefl is the correction term for reflection and ΔLabs is the correction term for the 
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Figure 8 – Calculation of ground effects for various terrains. 
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absorbing characteristics of the reflecting surface [dB]. 
6.1.2 Fundamental correction term for reflection, ∆Lr 

The correction term ΔLrefl is calculated using fundamental correction term ΔLr as a function of the 
diffraction path difference δ [m] between the path S'OP and the path S'P. ΔLr is described as 

⎪⎩

⎪
⎨
⎧

<≤⋅−−

≥−−
=Δ

− 10))((sinh3.193

1)lg(1020

spec
33.0

spec
1

specspec
r δδ

δδ

cc

cc
L  (18)

The values in Table 2 are applied to the coefficient cspec.  
6.1.3 Correction term for reflection on a semi-infinite plane, ∆Lrefl 

The correction term ΔLrefl for reflection from a semi-infinite plane in Figure 9(a) is calculated 
considering the hypothetical barrier in Figure 9(b) as follows: 

r

r

refl 10

for S invisible from P

10lg 1 10 for S visible from P
ΔL

ΔL

ΔL

′⎧
⎪

⎛ ⎞= ⎨ ′−⎜ ⎟⎪ ⎜ ⎟
⎝ ⎠⎩

 (19)

6.1.4 Correction term for reflection on a finite-width plane, ∆Lrefl,slit (slit method) 
As shown in Figure 10(a), we consider the flat reflective plane O1–O2 with a finite width and an 

infinite length (i.e., a strip). The sound reflected on the plane is equivalently considered as the 
contribution from the mirror-image source S' to the prediction point P through slit opening O1–O2 with 
the same width as the strip (see Figure 10(b)).The energy of sound passing through the slit opening is 
calculated as the difference between the energies of sounds diffracted around the two hypothetical 
barriers shown in Figure 10(c). The correction term ΔLrefl,slit is calculated as 

refl,1 refl,2

10 10
refl,slit 10lg 10 10

ΔL ΔL

ΔL = −  (20)

where ΔLrefl,n (n = 1,2) is defined as ΔLrefl for diffraction point On using Eq.(19). 

6.2 Scattered reflection method 
For a reflection on the uneven surface such as a bottom of a viaduct road with girders and structural 

elements, a method of calculating scattered reflection assuming the Lambert’s cosine law is employed 
[13]. 

6.3 Correction for surface absorption, ∆Labs 
The correction term for the sound absorption ΔLabs is calculated as follows: 

abs A,RTN10lg(1 )ΔL α= − (21)
where, αA,RTN is an absorption coefficient which is calculated under consideration of spectral 
characteristic of road traffic noise.  

7. Meteorological effect 
Quantitative evaluation of meteorological effects on sound propagation is not easy because the 

meteorological effect is a complicated phenomenon caused by wind and temperature profiles above 

(a) Reflection from a semi-infinite flat plane

  
Figure 9 – Calculation of sound reflection on a semi-infinite flat plane by the specular reflection method.
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ground. Therefore, we investigated the 
influences of the meteorological conditions 
on the diffraction and the ground effects by 
numerical analysis, and determined the limit 
of these correction values based on the 
numerical results [14]. 
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(a) Reflection on a flat strip plane

(b) Propagation from an image source S' 
through a slit opening 

Figure 10 – Calculation of reflection by the slit method.
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ABSTRACT 
The purpose of this study is to verify the ASJ RTN-Model for application to areas behind buildings, which 
is called a practical method in this paper, by comparing the calculated noise levels and the measured ones 
in urban districts. Two kinds of verification are explained in this paper. For one kind of verification, the 
maximum noise levels when passing an inspection vehicle at a steady speed on a plane road or a cut-earth 
road facing detached residential areas are employed in unit patterns. For the other kind of verification, 
equivalent noise levels are calculated along a city road by the practical method using road traffic census 
data. As a result, the differences between the calculated levels and the measured ones are found to be 
within plus or minus 3 dB for the investigation of the maximum noise levels and within plus or minus 3 dB 
to 5 dB for the investigation of the equivalent noise levels. These investigations verify that the practical 
method for application to areas behind buildings can also be used for various road structures, and that the 
method is accurate enough to create noise maps. 
 
Keywords: Road traffic noise, Prediction method, Buildings, Accuracy, Unit pattern, Census data 

1. INTRODUCTION 
Road traffic noise is reduced in areas behind buildings, because the buildings obstruct the noise 

propagation from the road. To calculate the effect of the obstruction of such buildings, the 
Acoustical Society of Japan presented a method for areas behind buildings as a part of RTN-Model 
2018. In this paper, the accuracy of the method is verified through investigations that compare 
calculated levels and measured ones in urban districts. 

Using the method, the correction values for the amounts of noise reduced by the buildings are 
calculated from unit patterns of point sound sources, that is the general rule of the RTN-Model 2018. 
The number of parameters required to calculate the correction amounts is four; this is smaller than 
the eight that were required for RTN-Model 2013. The aim of the method in RTN-Model 2018 is to 
simplify the calculation process (1, 2); it is called “a practical method based on the point sound 
sources.” The practical method includes processes for the omission of part of the calculation, and 
these omission processes can, in turn, reduce the calculation hours. However, the advanced 
calculation method (3) in RTN-Model 2013 is still recommended in certain situations, for example, 
when the unit patterns must be calculated more correctly for planning countermeasures against noise. 

Two kinds of verification are explained in this paper; one involves the unit patterns behind 
buildings when passing an inspection vehicle on a plane road or a cut-earth road and the other 
involves equivalent noise levels based on road traffic census data.	

 

                                                        
1 anai@fukuoka-u.ac.jp 
2 matsumoto@kobayasi-riken.or.jp 
3 t-yokota@kobayasi-riken.or.jp 
4 sakamo@iis.u-tokyo.ac.jp 
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2. VERIFICATION BY MAXIMUM NOISE LEVELS IN UNIT PATTERNS 
Unit patterns in areas behind buildings are verified for the situation in which an inspection 

vehicle runs on a plane road or a cut-earth road at a steady speed. District-M (4) and district-Sa are 
selected as the intended areas facing a plane road, and district-Sp is selected as the area facing a 
cut-earth road. 

The inspection vehicles for district-M are a motor vehicle and a motorcycle. In districts-Sa and 
-Sp, only the motor vehicle is employed. The motor vehicle runs on a 3,000-cc diesel engine; it has a 
one-box design and two-wheel drive. The motorcycle has a 250-cc cowling engine and a genuine 
muffler. 

2.1 Estimation of Acoustic Power Levels 
The methods of maximum noise level and squared integrals are commonly used for estimating the 

acoustic power levels of vehicles. However, it is difficult to estimate the acoustic power levels of 
vehicles in areas with detached residences using these methods. This is because road lanes are few in 
number in these areas, the offset distance to a measuring point from the road is short and the noise 
sources of the vehicle are not assumed to be coming from just one point. 

It would be better, therefore, to realistically estimate not only the power levels, but also the 
passing speeds and positions, because the estimated parameters can be used later on for calculating 
the unit patterns of the noise levels. In this study, the passing speed, the position and the power level 
of a single inspection vehicle are estimated by the least squares method in parallel with the measured 
unit patterns beside the road. 

The noises emitted by a vehicle come from the engine, the tires and the muffler. In this study, 
however, just two noise sources are assumed. The total power level of the inspection vehicle is a 
simple energy summation of two sources on the assumption that the sources exist at the front and the 
rear of the vehicle, respectively, and have the same acoustic power. 
	

 
Figure 1 – Arrangement of residences and intended points in district-M facing a plane road 

 

 
Figure 2 – Comparison of unit patterns based on estimated and measured power levels at point M-j at the 

end of the road 
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In the investigation of district-M, illustrated by the layout plan in Fig. 1, the results for the 
vehicle are a passing speed of vLMS = 9.9 m/s and a position of droad LMS = 2.4 m, and the power level 
of one source is 89.5 dB. The position of 2.4 m indicates that the passing vehicle is located around 
the center of a near side lane. The estimated and measured unit patterns after 6.0 seconds have 
similar characteristics, as shown in Fig. 2. The total power level is 92.5 dB. 

The results for the motorcycle are a total power level estimated to be 97.4 dB, a passing speed of 
12.8 m/s and a position of 3.2 m distance from point M-j. The position indicates that the inspection 
motorcycle passes near the centerline of the near side lane. The results are considered to be valid. 

 

2.2 Unit Patterns from a Plane Road 
In order to verify the practical areas as models behind buildings for detached residences facing a 

plane road, the calculated unit patterns are compared with the measured ones in two districts, 
referred to as M and Sa. 
	

2.2.1 Unit Patterns in District-M 
In district-M, there are front yards and carports between the residences, and the buildings are 

arranged spaciously. Nine investigation points, points M-a to M-i, are placed along public roads 
behind buildings. The single inspection vehicle or motorcycle on the plane road travels in the 
direction from point M-i to point M-a. Unit patterns for the investigation points calculated by the 
practical method are compared with the measured ones by omitting a part of the calculation (5). In 
addition, errors in appearance of the unit patterns calculated by the omitted calculation are verified. 
The acoustic power levels are estimated by the measured unit pattern for point M-j, which is located 
at the end of the road. The power levels of the inspection vehicle and the motorcycle are 97.4 dB and 
92.5 dB, respectively. 

Discrete source points are arranged at the closest point on the road as a reference and at intervals 
of droad,x. Comparisons of the calculations with the measurements are given in Figs. 3 and 4 as 
examples of the unit patterns of the motorcycle and the vehicle, respectively. Investigation points 
M-a and M-i have a clear view of the road from both points. However, investigation point M-c does 
not have any view of the road at all. The calculated maximum noise levels at every point in Figs. 3 
and 4 approximately correspond to the measured ones irrespective of having a view of the road or 
not. 

Next, the errors in appearance of the unit patterns calculated by the omitted practical method are 
explained for investigation points M-d and M-f. Two unit patterns are plotted in Fig. 5 with bullet 
and circle symbols that are calculated by the omitted practical method and by the original one, 
respectively. The values calculated by the omitted method appear outside of a zone bounded by 
dot-and-dash lines in Fig. 5. The largest errors appear very close to the dot-and-dash lines and can be 
found on horizontal axis k=-2. The omitted method calculates insignificantly smaller values than the 
original one. However, the errors are never more than 0.5 dB, and the influence of the errors on the 
equivalent level is exceedingly small. 
	

 
Figure 3 – Comparison of calculated unit patterns by the practical method and measured ones in district-M 

under conditions of the motorcycle passing 
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Figure 4 – Comparison of calculated unit patterns by the practical method and measured ones in district-M 

under conditions of the motor vehicle passing 
 
 

   
Figure 5 – Influence of the omitted calculation of the practical method on the unit patterns 

 
2.2.2 Unit Patterns in District-Sa 

An arrangement of residences and investigation points in district-Sa is illustrated in Fig. 6. In 
order to verify the omitted practical method for the area facing a plane road, the calculated unit 
patterns are compared with the measured ones. The acoustic power level of the inspection vehicle is 
100.3 dB; it is estimated from a unit pattern at point Sa-j. The passing speed of the vehicle and the 
distance from point Sa-j are also estimated as 10.2 m/s and 2.6 m, respectively. 

 

 

Figure 6 – Arrangement of residences and intended points in district-Sa facing a plane road 
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investigation point, especially for the maximum noise levels. 
All the maximum noise levels at the districts with plane roads, which are explained in sections 

2.2.1 and 2.2.2, are shown in Fig. 8 in a distribution chart of the calculated values against the 
measured values. There are nine values each for the vehicle and the motorcycle in district-M, and 
nine values for the vehicle in district-Sa. All the calculated values have a high correlation with the 
measured ones, and the differences between them are around plus or minus 3.0 dB. 

On the basis of these results, the omitted practical method was verified as being capable of 
calculating unit patterns relevantly in areas behind buildings, especially for large noise levels when 
vehicles are close to the investigation points. 

 

 
Figure 7 – Comparison of calculated unit patterns by the practical method and measured ones in district-Sa 

under conditions of the motor vehicle passing 
 
 

 
Figure 8 – Correspondence of maximum noise levels by the practical method with measured ones in areas 

behind buildings facing a plane road, called district-M and district-Sa 
 

2.3 Unit Patterns from Cut-Earth Road in District-Sp 
The road facing district-Sp is a two-way street with a gentle slope; therefore, part of the road is a 

cut-earth road, as illustrated in Fig. 9. Some investigation points would be influenced by the 
diffraction effects at the wedge of the cut-earth. 

As examples of the investigation points that would be calculated by considering the diffraction 
effects (6), unit patterns at points Sp-h and Sp-i are drawn in Fig. 10. In this figure, the calculated 
values for the condition in which the road surface height is the same as that of the ground of the 
residences are shown by circle symbols. For the condition in which the diffraction by the wedge of 
the cut-earth is corrected, the calculated values are shown by bullet symbols in Fig. 10. Five noise 
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levels out of the 45 predicted ones were corrected with the diffraction effects, as shown in the 
distribution chart in Fig. 11. 

These results demonstrate that the omitted practical method can be applied to areas facing a 
cut-earth road by means of the correction of the diffraction effects on the wedge and the attenuation 
by buildings. The difference in levels between the calculated values and the measured ones decreased 
by within plus or minus 3.0 dB. 

 

 
Figure 9 – Arrangement of residences and intended points in district-Sp facing a cut-earth road that is the 

shaded part on this figure 
 

 
Figure 10 – Comparison of calculated unit patterns by the practical method and measured ones in 

district-Sp under conditions of the motor vehicle passing 
 

 
Figure 11 – Correspondence of maximum noise levels by the practical method and diffraction correction 

with the measured ones in areas behind buildings facing a cut-earth road, called district-Sp 
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3. VERIFICATION OF EQUIVALENT NOISE LEVELS FROM CENSUS DATA 
The estimation of the exposed level of road traffic noise was conducted in Saitama City (7) by 

utilizing the practical method of RTN-Model 2018. 
Equivalent noise levels are calculated in areas behind buildings facing plane roads, called A and 

B, for the purpose of making a comparative verification of the calculated values with the measured 
ones and then extending it to make a noise map. The arrangements of residences around roads A and 
B are shown in Fig. 12. In this calculation, road traffic census data are used for estimating the factors 
of the traffic conditions. As for the results of the estimations for road-A, the hourly traffic volumes 
are 3,370 small-size vehicles and 996 large-size vehicles, and the average passage speed is 36.7 km/h. 
The acoustic power levels of the vehicles are determined to be 92.7 dB for the small-size vehicles 
and 100.1 dB for the large-size vehicles on the assumption that the vehicles are running at a steady 
speed. As for the results of the estimations for road-B, the hourly traffic volumes are 768 small-size 
vehicles and 64 large-size vehicles, and the average passage speed is 19.9 km/h. The acoustic power 
levels are determined to be 95.3 dB for the small-size vehicles and 101.8 dB for the large-size 
vehicles on the assumption that the vehicles are not running at a steady speed due to the successive 
traffic signals along road-B. 

Figure 13 shows that the differences in the calculated values and the measured ones on the 
intended road-A and road-B are around plus or minus 3 dB and 5 dB, respectively. 
	

    
Figure 12 – Arrangement of residences and intended points for verification of equivalent noise levels 

calculated with census data 
	

 

Figure 13 – Correspondence of equivalent noise levels by the practical method and census data with the 

measured ones in areas behind buildings facing a plane road 
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4. CONCLUSIONS 
The practical method of RTN-Model 2018 for areas behind buildings was made to be more 

convenient than RTN-Model 2013 by reducing the parameters necessary for the calculation. 
Acceptable results for the verification were explained in this paper by examples in urban districts. 
The practical method had a certain degree of accuracy in areas behind buildings for every 
verification with the maximum noise level in unit patterns and the equivalent noise level based on the 
road traffic census data. 

The practical method of RTN-Model 2018 is regarded as an accurate and convenient method for 
calculating equivalent noise levels in areas behind buildings. 
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ABSTRACT 
This paper introduces the study on prediction accuracy of the ASJ RTN-Model 2018, as a part of the series of 
five papers which has same main title in this congress, on behalf of the research committee on road traffic 
noise in the Acoustical Society of Japan. It is very important to examine the prediction accuracy of the new 
model, because some assumptions are included in modeling the source power level of each type of vehicles 
and in simplifying the calculation of noise propagation. Some examination of the correspondence between 
the predicted values and measured traffic noise levels are introduced in this paper. The accuracy of the 
method of prediction for noise behind building complex are also examined. The measured values were 
obtained recently in Japan on flat and strait section of general roads and on expressways. This paper also 
introduces the examination on assumed causes of errors that are thought to be important in considering 
prediction accuracy, such as the condition setting of hypothetical traffic lanes, vehicle type classification, and 
some typical causes of uncertainty on actual measurement.  

 
Keywords: Road Traffic Noise, Prediction Model, ASJ RTN-Model 2018, Prediction Accuracy 

1. INTRODUCTION 
The Technical Committee on Road Traffic Noise in the Acoustical Society of Japan has developed 

a series of the road traffic noise prediction model, named ASJ RTN-Model. After releasing the 
previous model, ASJ RTN-Model 2013 (1) published in 2014, the research committee has been 
working to improve the prediction model on the basis of the latest data and knowledge for five years, 
and the latest version named “ASJ RTN-Model 2018” was published April 2019. The updates are 
introduced in the series of papers (2–5). The calculation models of sound power levels of road vehicles 
and calculation methods of sound propagation were updated so that the calculated value becomes more 
accurate to the measured road traffic noise. It is necessary to examine the prediction accuracy of the 
latest model.  

In this paper, the examinations of the prediction accuracy of the latest model, ASJ RTN-Model 
2018, are provided by the comparison between the predicted and actual measured values. The 
examinations were performed for the measurement data obtained on general road and expressway. The 
prediction accuracy of the practical method for areas behind buildings in urban districts is also 
examined and described in the other publication (5). In addition, it is necessary to note that several 
types of uncertainty are included in the actual measurement values. We also examine the causes of 
errors that are likely to be significant when considering the prediction accuracy of the ASJ RTN-Model 
2018. 

 
1 yamauchi@design.kyushu-u.ac.jp 
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2. CORRESPONDENCE BETWEEN PREDICTED AND MEASURED VALUES AT 
GENERAL ROAD SECTION 

In the ASJ RTN-Model 2018, the calculation model of sound emission of read vehicles was updated. 
On the dense asphalt pavement, which is common for general road in Japan, the A-weighted sound 
power level LWA of road vehicles is given by 

𝐿"# = 𝑎 + 𝑏 log+, 𝑉 + 𝐶          (1) 

where V is the vehicle running speed [km/h], a and b are regression coefficients, and C is the correction 
term. The term a was changed for each vehicle category based on accumulated data in last decade. In 
this section, the correspondence between the predicted values and measured traffic noise levels is 
examined. 

2.1 Measured Data 
The actual measurement data were obtained at straight sections of general roads in fiscal year 2013 

based on the manual of constant monitoring of motor vehicle traffic noise (6) by the Ministry of 
Environmental Government of Japan. The measurements were in accordance with JIS Z8731:1999, 
which is almost identical to ISO 1996-1:2003. The measurement conditions of these data are as 
follows. 

(1) Noise levels considered 
LAeq and LAN (LA5, LA10, LA50, LA90, LA95). Measurement duration was 10 minutes, and multiple 

measurement were performed over 24 hours at each location.	

(2) Measurement point 
1.2 m above the ground on a public/private boundary. The selected measurement points were away 

from juxtaposed roads or road intersections, and without obstructions or glass-ground in the sound 
propagation path. The number of lanes was from 1 to 4. 

(3) Traffic conditions 
Number of traffics were counted in three-category or two-category vehicle classification for each 

direction. Number of motorcycles were also counted separately. Since it will be assumed the steady 
traffic flow section in the prediction, the measurement data of traffic flow with running speed less than 
40 km/h were excluded from the examination. The traffic volumes of the target roads were less than 
4,500 per hour, and the ratio of heavy vehicles were varied widely (from 0% to 100%). 

2.2 Calculation 
The predicted values were obtained using the simple method for estimation LAeq described in the 

ASJ RTN-Model 2018. In the case of simple road conditions and steady traffic flow, the LAeq,T can be 
calculated using the following formula involving the single-event sound exposure level LAE [dB] and 
the traffic volume NT [number of vehicles] passing a prediction point during the time T [s]: 

𝐿#/0,2 = 𝐿#3 + 10 log+,
67
2

           (2) 

When and omni-directional point source with the A-weighted sound power level LWA [dB] moves 
along a straight road of infinite length at the constant speed V [km/h], LAE at the distance l from the 
lance can be analytically derived from the following formula obtained by applying the inverse-square 
low in a hemi-free field and integrating over time up infinity: 

𝐿#3 = 𝐿"# + 10 log+,
8.:
;<=

        (3) 

To simplify the calculations, multiple lanes of traffic traveling in the same direction were combined 
into a hypothetical single lane at the center of the traffic stream. The correction term C was set to 0 dB 
in this examination. 
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2.3 Comparison between Predicted and Measured Values 
The correspondence between predicted values and actual measurement values for daytime (6:00–

22:00) and night (22:00–6:00) are shown in Figure 1. In the scatter diagrams, the line where the 
predicted and measured value coincide and its 3 dB range are also shown. The correlation coefficients 
were 0.81 for daytime and 0.85 for night. The mean difference between predicted and measured values 
(∆, predicted LAeq minus actual measurement values) were +0.4 dB and -0.8 dB for daytime and night, 
respectively, indicating excellent agreement of two values. For daytime, 87% of the prediction were 
included within the ±3 dB range, where 78% were included for night. 

 

 
 

Figure 1 – Correspondence between predicted and measured LAeq at flat and straight general road section. 
 

3. CORRESPONDENCE BETWEEN PREDICTED AND MEASURED VALUES ON 
THE ROADSIDE OF EXPRESSWAY 

3.1 Measured Data 
The actual measurement data were obtained at the expressway with bank and cut road structure in 

fiscal year from 2014 to 2018. The summary of selected 7 measured point are shown in Table 1.  
 

Table 1 – Summary of the measured data used for the examination 

 Structure 

type 

Pavement Number of measurement points 
Noise barriers 

Type Age Reference Roadside 

1 bank porous 8.0 1 1 none 

2 bank porous 6.3 1 1 none 

3 bank porous 7.3 1 1 none 

4 bank porous 8.3 1 1 none 

5 bank porous 0.5 1 1 none 

6 bank KOUKINOU II 1.3 1 1 none 

7 cut porous 3.0 1 2 2 m height 
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(1) Noise levels considered 
LAeq and LA95 (the lower limit of the 90% percentile range). Measurement duration was 2 hours, 

while only for the road 7 the duration was 15 minutes.  

(2) Measurement point 
The reference measurement points for bank roads were 1.2–2.0 m height above the road surface at 

7.5 m away from the center of the closest cruising lane. For the cut road, the reference point was 3.0 m 
above the 2.0 m height noise barrier on the top of slope (5.0 m height above the road surface). The road 
side measurement points were 25 to 66 m away from the center of the road, and the heights were 1.2 m 
above the ground surface. The pavement types were porous asphalt or gap-graded asphalt mixture that 
is referred as “KOUKINOU II”. 

(3) Traffic conditions 
Number of traffics were counted for three-category vehicle classifications for each direction. Buses 

and motorcycles were separately counted. The traffic volumes of the target roads were from 800 to 
4,000 per hour, and the ratio of heavy vehicles were varied from 17% to 32%. The traffics were steady, 
and their mean traffic speed were from 80 to 110 km/h. 

3.2 Calculation 
The predicted values were obtained using the ASJ RTN-Model 2018. Regarding the porous asphalt 

and KOUKINOU II pavement, the sound power level LWA for each type of road vehicles is given as 
functions of the running speed and the age of the pavement after construction. 

In the propagation calculation, the correction for diffraction due to acoustical obstacles such as 
noise barriers is involved. The correction for the diffraction on the top of slope of the bank structures 
were calculated by the method for the wedge with an opening angle, which were newly developed in 
the model. The correction for the noise barrier was calculated by the method for the knife-wedge. The 
correction for the absorptive barrier was also involved. Regarding the correction of ground effect for 
the slope surface, the coefficients for loose soil were used, while the correction was set to 0 dB for the 
ground of measurement side since the surfaces were covered by asphalt pavement. The correction for 
atmospheric absorption was also involved. 

 

  
                 (a). Bank road                           (b). Cut road 

Figure 2 – Correspondence between predicted and measured LAeq on the roadside of expressways 
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3.3 Comparison between Predicted and Measured Values 
The correspondence between predicted values and actual measurement values for each road 

structure are shown in Figure 2. Since the measured LAeq were higher than 10 dB than LA95, which is 
assumed to be equivalent to the background noise level, the correction of background noise was not 
performed. 

For the bank roads, the predicted values corresponded to within 3 dB of the measured values. With 
regard to the porous asphalt pavements, the mean differences between predicted and measured values 
(∆, predicted LAeq minus actual measurement values) were +0.6 dB and +0.8 dB at reference and 
roadside points, respectively. The mean differences for KOUKINOU II pavement were +0.8 dB at the 
reference, and +1.5 dB at the roadside points. 

For the road 7 (cut road), the mean difference between prediction and measurement at the roadside 
point, where was behind the noise barrier, was +0.3 dB. 

4. CAUSES OF ERRORS IN ASJ RTN-MODEL 2018 
Since many assumptions are included in setting the power level of running-vehicle noise and in 

simplifying the calculation of noise propagation in the prediction model, it is necessary to examine the 
causes of errors that are likely to be significant when considering the prediction accuracy of the model. 
In the ASJ RTN-Model 2018, as a part of references, several investigations on the effect of the error 
factors are provided. 

4.1 Setting of Hypothetical Traffic Lanes 
In the model, it is allowed to combine two or more lanes into a single hypothetical lane for 

simplicity of the calculation. According to the previous investigation (7), the difference in LAeq caused 
by combining the lanes into single was less than 1 dB even in the case of a road with eight lanes, if the 
distance from the center of the nearest lane to the receiver was 5 m or more. However, the error 
increases drastically when the distance to the receiver is less than 5 m. Thus, when noise is predicted 
in the vicinity of roads with multiple lanes, it is recommended to increase the number of hypothetical 
lanes. 	

4.2 Road Traffic Conditions 
The classification of road vehicle has been changed from the conventional model. In the ASJ 

RTN-Model 2018, three-category classification (large-sized, medium-sized and light vehicles) which 
is recommended from an acoustical viewpoint, while two-category classification (heavy and light 
vehicles) is also provided as an alternative considering practicality. As the result of the investigation, 
the prediction error caused by replacing three-category with two-category classification was less than 
1 dB, if the ratio of medium-sized vehicles to heavy vehicles ranged 10 to 80%. 

In the prediction model, the sound power level of a road vehicle is calculated under the assumption 
that all vehicles classified in each category run at the same speed (i.e., at the mean speed of all 
vehicles). According to the results of examination from a stochastic viewpoint (8), the change in LAeq 
due to the variation of running speed is extremely small. Furthermore, the change in LAeq is 1 dB or less 
if the standard deviation of the power level is 3 dB or less.  

4.3 Range of Unit Pattern Calculation  
In the general calculation procedure of the model, point sources are discretely set on lanes to obtain 

the unit pattern at the receiver, and then LAeq is calculated. In this case, it is necessary to determine the 
range over which the point sources must be arranged, the range of the unit pattern calculation in other 
words. According to the previous examination (7), it was found that the difference in LAeq caused by 
removing low-level portions 10 dB below the maximum were approximately 1 dB or less for flat roads 
and for interchange sections. Those were also less than 1 dB for the areas surrounding a tunnel portal 
when the low-level portions 15 dB below the maximum were removed. 

However, since LAeq strongly depends on the energy integration over the entire unit pattern, it is 
necessary to be noted that a significant error may occur owing to the lack of consecutive portions of the 
unit pattern. Hence, it is necessary to avoid the excessive removal of portions, even if the A-weighted 
sound pressure levels are sufficiently smaller than the maximum.  
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4.4 Problems encountered in actual measurements  
In addition to considering problems in the prediction calculation, it is necessary to consider the 

causes of uncertainties in the actual measurements of road traffic noise. Typical causes of uncertainties 
are discussed below. It is also necessary to consider the measurement duration necessary to stabilize 
the values of LAeq statistically.  

(1) Influences of meteorological factors  
When sounds propagate outdoors, the influences of the temperature profile and wind in the 

atmosphere appear as propagation distance increases. Attenuation may also occur owing to 
atmospheric absorption, which depends on atmospheric temperature and humidity. Among these 
influences, the wind and temperature profiles are extremely complicated phenomena, and it is still 
difficult to take these influences into account in practical noise prediction. Thus, only the variation of 
road traffic noise as influenced by wind, which is based on actual measurement results, is introduced in 
the model. Sound propagation may also be influenced by the temperature gradient, however, its 
influence can be ignored for propagation distances of up to approximately 200 m, unless extreme 
temperature inversion occurs. For attenuation caused by atmospheric absorption, a comparatively 
precise calculation is available in the model.  

(2) Influence of background noise  
In the measurement of road traffic noise, other types of noise (background noise) always influence 

the measurement results to some extent. In particular, the influence of background noise is larger when 
the receivers are far from the road or noise reduction measures such as noise barriers are provided. 
Although several methods of estimating the degree of background noise have already been 
investigated, an approximate background noise level can be estimated by simultaneously measuring 
the percentile level, LA90 or LA95, along with LAeq. 	

(3) Influence of other factors  
Since road traffic noise may be measured under circumstances that are not taken into account in the 

prediction, not only the causes described above but also various other causes of errors must be 
considered, for instance, errors caused by traffic flow conditions that are different from those set in the 
prediction or a difference in the performance of noise reduction measures such as noise barriers due to 
their installation condition. For drainage asphalt pavement, although the noise reduction effect and its 
change with time after the installation are taken into account in the model, the deterioration of its 
performance caused by the blockage of air pores may significantly depend on its location. In the case 
of a viaduct, not only structure-borne noise, which is already taken into consideration in the model, but 
also noise from the expansion joints of the road may often be included in actual measurement values.  
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ABSTRACT

Road traffic noise is one of the most common sources of acoustic pollution in urbanized environments and,
therefore, its mitigation is fundamental for urban planning. Since tyre/road interaction represents the main
contribution to overall road traffic noise, the use of low noise road surfaces represents a useful way for
reducing the acoustic impact of road traffic, acting on the main generation mechanism of noise. In this
work,  both  acoustic  performances  and  road  texture  of  several  low  noise  rubberized  surfaces  and
conventional  road  surfaces  were  measured  and  compared.  In  particular,  acoustic  performances  were
monitored  using  the  CPX  method,  while  road  texture  measurements  were  performed  using  a  laser
triangulation  sensor.  Road  profiles  were  processed  with  a  tyre  envelopment  algorithm called  indenter
method and the spectra of the resulting signal was compared with the CPX spectra on each road surface.
Findings  show  that  surfaces  with  crumb  rubber  within  the  mixture  behave  differently  compared  to
conventional surfaces at high frequency, while noise at frequencies lower than 1 kHz seems unaffected by
the presence of crumb rubber.

Keywords: Rubberized Surfaces, Road Texture, CPX Measurements

1.1 INTRODUCTION
Road traffic noise in urban areas represents the most common sourc of noisee, as reported in several
works, such as the 2002 European Environmental Noise Directive (END) and its revision (1) and,
therefore, the study of  its  generation mechanisms is of paramount importance for the proposal  of
suitable mitigation actions.

Road traffic  noise  is  caused  by  three  different  generation  mechanisms:  noise  produced  by  the
power  unit,  aerodynamic  noise  induced  by  the  car  motion  at  high  speed  and,  finally,  tyre/road
interaction. For light vehicles, engine noise is dominant at speeds lower than 35 km/h and profile
aerodynamics becomes relevant only at speeds higher than the typical motorway speed (i.e. 130 km/
h), tyre/road noise is the dominant source from 35 to 130 km/h (2).

Tyre/road noise itself is due to both airborne and structure-borne contributions (4). The former
causes  high  frequency  noise  produced  by  the  compression  and  subsequent  expansion  of  the  air
trapped within the tyre/road interface, while the latter is caused by tyre vibrations and is dominant at
frequencies below 1 kHz. In particular, the fundamental properties of road surfaces that play a role
in sound generation mechanisms are the surface macro and megatexture, defined by ISO 13473-2,
porosity and layer thickness (5).

In  this  paper,  the relationship  between road texture  and tyre/road  noise was analysed from an
experimental  point  of  view,  monitoring  the  acoustic  performances  of  the  surfaces  using  the  CPX
method defined by ISO 11819-2:2017 and road texture on conventional and rubberized surfaces and
evaluating  the  correlation  coefficient  and  linear  regression  coefficients  between  one-third  octave
bands of CPX noise and road texture. A test based on t-statistics, performed on the slopes found for
conventional  and  rubberized  pavements,  was  then  used  to  distinguish  regions  where  the  surfaces
showed a different relation between tyre/road noise and road texture.

1 alessandro.delpizzo@df.unipi.it
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An algorithm based on the works of Goubert and Sandberg (6) was also used, in order to take
into account only the part of road texture actually into contact with the tyre.

2.1 STATE OF ART
Noise reduction at the source is a very cost effective treatment (7) and, therefore, many European

studies have focused their attention on low noise surfaces, such as porous asphalts, SMA, thin, very
thin and ultra-thin surfacing and surfaces that include rubber in their mix. In particular, more and
more attention is paid to pavements which include crumb rubber deriving from end-of-life tyres. In
this way, noise reduction goes hand-in-hand with the concepts of green and circular economy.

The  main  kinds  of  surfaces  which  include  rubber  are  poro  elastic  road  surfaces  (PERS)  and
rubberized surfaces. While the former uses rubber as a main component of the mix (7), rubberized
road surfaces are built using hot asphalt mixes containing crumb rubber which acts as a modifier, in
order to improve the acoustical properties of the binder (8). Rubberized surfaces are subdivided in
two  categories,  according  to  their  production  means:  wet  road  surfaces  are  created  by  blending
crumb rubber with liquid asphalt cement (AC) before mixing AC with the aggregate, while in the
dry process, crumb rubber is added to the hot aggregate (8).

The acoustical properties of these surfaces have been monitored by several studies (9, 10), with
specific  projects  launched  to  evaluate  their  effectiveness  (10),  showing  that  rubberized  surfaces
produce lower noise emissions compared to DAC of the same age.

Since, as already stated, the main source of road traffic noise is represented by tyre/road noise,
the study of road and tyre properties is fundamental.

Among several road surface properties, road texture covers an important role in noise generation
(2, 3, 11). It is defined as the deviation of a pavement surface from a true planar surface, caused by
the random disposition of the surface elements and their  superficial roughness (12).  The study of
road  texture  is  usually  performed  using  spectral  analysis  in  constant-percentage  bandwidth,  by
means  of  octave  or  one-third  octave  bands.  It  is  also  customary  to  report  texture  spectra  using
texture levels, as defined by ISO 13473-4.

Based  on the  different  wavelengths of  the  road profile  signal,  road  texture is  divided  in  three
regions: microtexture includes wavelengths shorter than 0.5 mm, wavelengths that  range from 0.5
mm to 50 mm are addressed as macrotexture while longer wavelengths, up to 500 mm, are called
megatexture. Longer wavelenghts are addressed as unnevenness. 

While  microtexture  is  caused  by  roughness  of  the  visible  surface  elements  and,  therefore,  it
depends on the nature of the stones and chippings used, macrotexture is due to the shape, dimension
and positioning of the aggregates. Bumps and ripples present on road surfaces cause the presence of
megatexture.

Previous studies (12, 13) underline the positive influence of high texture levels at wavelengths
shorter than 10 mm on the mitigation of tyre/road noise, since it reduces air compression due to the
tyre tread, while texture levels around 63 mm play a key role in the generation of structure-borne
noise, since it induces tyre vibrations. Positive texture, produced by a surface characterised by high
peaks, results more aggressive than a surface crossed by deep valleys and grooves from an acoustic
point of view, since the peaks induce vibrations of the tyre walls (13). However, an abrupt spectral
analysis  of  the  profile  signal  cannot  distinguish  between  positive  and  negative  texture  and,
therefore, tyre envelopment algorithms have been developed, in order to calculate the road texture
actually into contact with the tyre. In this work, the indenter algorithm developed by Goubert and
Sandberg (6) was used. This study showed that the tyre envelopment follows the road profile until a
certain depth dependent on the kind of tyre and the speed of the vehicle.

3.1 Methods and Sites Analysed
Noise and road texture measurements were carried out during Novemeber 2017 on 17 sites on the

highway that connects Merano to Bolzano, in the region of Trentino-Alto Adige/ Südtirol in Northern
Italy. Since the maximum distance between sites is about 20 km and the difference in height at the
starting  and  ending  point  of  the  highway  is  about  100 m,  it  is  safe  to  assume  that  the  sites  are
exposed  to  the  same  weather  and  traffic  condition,  minimising  acoustic  ageing  influence  on
measurements (14).

Among the road surfaces, 7 were conventional dense surfaces, while the other 10 were rubberized
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surfaces, equally subdivided in dry and wet, according to their means of production.
The mean grading curves of the dry, wet and reference surfaces are reported in Figure 1.

Figure 1 – Mean grading curves for the three kinds of road surfaces used

CPX and  road  texture  measurements  were  compared,  performing  a  linear  regression  between
each couple of CPX and texture one-third octave bands, separately for rubberized and conventional
road surfaces. After evaluating goodness-of-fit, a parallelism test based on the t-statistics was used.
The results of of this test allow to discern regions where the slope that relates road texture to CPX
noise does not change between the two kinds of surfaces from regions where statistically significant
differences were found.

The flowchart and experimental plan of the work is presented in Figure 2.

Figure 2 – Flowchart and experimental plan of the paper.

3.1 The CPX method

The CPX method (15) aims to evaluate tyre/road noise close to the source. The protocol adopted
is based on a modified procedure (16) with changes regarding post-processing.

In order to comply with the last version of ISO 11819-2 (15), the Standard Reference Test Tyre
(SRTT) was used and normalisations for temperature and tyre hardness were performed at 22 °C and
66  Shore  A.  Moreover,  due  to  the  logarithmic  dependence  between  vehicle  speed  and  tyre/road
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noise, a reference speed is required: the nature of the roads under investigation led to the choice of a
reference speed equal to 100 km/h.

The  correction  for  temperature  and  hardness  has  been  applied  to  the  one-third  band  levels,
despite it is strictly valid for broadband levels, due to the current lack of studies on this topic.

During  the measurement sessions,  several  acquisitions on the  same surface were performed at
different speeds. In the post-processing phase, the site is subdivided in segments and a minimum χ 2

iterative algorithm was used in each segment for fitting sound levels with speed, in order to compute
the one-third octave bands spectrum at  the reference speed.  Finally,  the mean value of  the sound
pressure level within each band is used to characterise the whole site.

The  main  modification  to  the  official  protocol  regards  data  analysis,  since  the  test  sites  were
divided in segments 6.18 m long, i.e. three times a tyre circumference, instead of using the standard
section length of 20 m, in order to increase the spatial resolution of the analysis.

For each surface, the mean CPX spectrum and related uncertainty were then calculated.

3.2 Road texture measurements

All  texture  measurements  were  carried  out  simultaneously  with  CPX  measurements.  The
experimental  setup  is  based  on  a  triangulation  sensor,  a  piezoelectric  accelerometer  and  a  rotary
encoder (12, 17), whose outputs are combined in order to yield the road profile, with a horizontal
sampling length equal to 0.5 mm.

The  road  profile  was  then  processed  using  the  indenter  algorithm  developed  by  Goubert  and
Sandberg, in order to simulate tyre deformation caused by the profile itself. The algorithm is based
on experimental measures of SRTT deformation on known profiles and therefore represents the ideal
solution for this study, since it is based on the same tyre adopted for the measurements.

The profile obtained after the tyre envelopment was then divided in segments and fitted with an
autoregressive model based on the Yule-Walker method, in order to reduce signal noise. Then, the
one-third octave spectra were derived following the prescriptions of the fourth method reported in
ISO/TS 13473-4:2008.

3.3 Measurement uncertainties

The three sources of uncertainty related to mean CPX values are due to the fitting process in each
segment, data dispersion around the mean value and:

several factors and processes, whose cause and nature of disturbance are either known, but

randomly distributed in an uncontrollable way, or are of a systematic nature, but affect the

result in an unpredictable way (15).

The first source is assumed to be equal to the uncertainty of the measurement process within each
segment, while the second source is taken into account by evaluating the standard deviation of data
and describes the spatial homogeneity of the installation. The last factor, instead, was neglected in
this analysis since the conditions of measurements do not vary greatly within the different sessions.

An estimate of measurement uncertainties for texture spectra within a segment is derived using
the same procedure adopted in (17), with the quadratic sum of two components. The first component
takes into account data dispersion around the mean value and is equal to the standard deviation of
each band for each site, while the second contribution is inversely proportional to the root  of the
bandwidth of each band times the length of each section and is assumed to be the uncertainty of the
texture measurement process.

4.1 ANALYSIS AND RESULTS

4.1 Correlation and linear regression

In order to perform a qualitative evaluation, the correlation coefficient between each couple of
enveloped road texture and CPX noise bands was calculated.

The  correlation  curves,  shown  in  Figure  3  (left)  and  (right)  separately  for  rubberized  and
conventional  road  surfaces,  are  in  accordance  with previous  studies,  which  highlight  a  positively
correlated low frequency noise and a high frequency zone negatively correlated.
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However, road surfaces with crumb rubber added in their mix are present a larger region in which
negative correlation occurs. Conversely, the positively correlated zone occupies a smaller frequency
region for rubberized surfaces, compared to the conventional ones. 

This difference could represent a first acoustical benefit of using rubberized surfaces, since the
region that contributes positively to noise emission is significantly reduced.

Figure 3 – correlation coefficient  for the conventional reference surfaces (left). Correlation coefficient for

rubberized surfaces (right).

Linear regressions were performed for each couple of bands of enveloped road texture and CPX
noise and the parallelism test based on t-statistics took into account only regressions that showed a
r2

adj value greater than 0.7, chosen as a threshold to identify high goodness-of-fit. 
The values of the r2

adj calculated for each regression are reported in Figure 4 and 5. As expected,
high  r2

adj values were found where strong correlation is present.

Figure 4 – r2
adj for the conventional reference surfaces. Values of  r2

adj higher than 0.7 are highlighted in red.
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Figure 5 – r2
adj for the rubberized surfaces. Values of  r2

adj higher than 0.7 are highlighted in red.

4.2 Parallelism test

The parallelism test  performed was  based  on a  t-test  on the  regression  coefficients,  using  the
following equation:

t score=
b1−b2
S E (b1−b2)

(1)

where  b1 is  the  slope  of  the  regression  for  the  rubberized  surfaces  and  b2 is  the  slope  of  the

regression for the reference surfaces and S E(b1−b2) is the standard error of the difference of the two

angular coefficients. The values provided by Equation (1) were then used to test the hypothesis:

H0 :b1=b2
H 1:b1≠b2

(2)

comparing each  t score with the  critical  value  tcrit(0.975) = 2.16  for  (n1-2+n2-2)  = 13 degrees  of
freedom,  where  n1=10  is  the  number  of  rubberized  surfaces  and  n2 =  7  is  the  reference  surface
sample size.

Results identify two different regions, at 500 Hz and at 2.5 kHz, with opposite behaviour:  at 500
Hz  the  slope  coefficients  of  the  two  samples  show no  difference,  while  at  2.5  kHz  statistically
significant differences arise. A reduced matrix of the t-scores obtained is reported in Figure 6.

It is useful to remind that rolling noise at frequencies lower than 1 kHz is related to tyre vibration
mechanisms, while noise at higher frequencies is due to airborne processes, not directly related to
tyre perturbations. Bearing this in mind, it appears therefore that crumb rubber in the pavement mix
does  not  influence  tyre  vibrations  due to  the impact  of  the tyre  tread  against  the  road asperities,
while airborne noise, caused by the compression of air trapped between the tyre/road interface, is
significantly influence by its presence.

In particular, the negative slope at 2.5 kHz results significantly increased on rubberized surfaces,
as it can be inferred by observing Figure 7 (left) and (right).

Interestingly, no differences were found between the wet and dry processes.
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Figure 6 – tscore matrix resulting from the parallelism test. Blue cells highlight differences, while red

identifies cells where no statistical difference was found.

Figure 7 –  Low frequency (500 Hz) as a function of enveloped texture levels (left). High frequency (2.5

kHz) as a function of enveloped texture levels at 10 mm (right).

5.1 CONCLUSIONS
Rubberized asphalts  represent  one of  the most  common mitigation actions for  roads with high

and continuous traffic flow, managing to blend the modern concept of green and circular economy
with the necessity of improving the acoustical properties of road surfaces.

This work studied the variation of the interaction between road texture and tyre/road noise due to
the  presence  of  crumb  rubber  from  end-of-life  tyres  in  the  road  pavement  mix.  A novel  tyre
envelopment algorithm was also used, in order to take into account only the part of road texture in
contact with the tyre.

The  study  was  carried  out  by  analysing  the  correlation  between  road  texture  and  CPX noise
levels in one-third octave bands and by performing linear regressions between each couple of CPX
and road texture bands.

Results indicate that rubberized pavements show a greater frequency region negatively correlated
with road texture compared to conventional surfaces. 

A statistical test  based on t-statistics was used to infer eventual differences between the linear
regressions that showed a r2

adj  higher than 0.7 for both kinds of surfaces, with the identification of
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two different regions, centred at 500 Hz and at 2.5 kHz. The 500 Hz band does not show statistical
differences between conventional and rubberized surfaces, while the 2.5 kHz band shows a higher
negative slope, highlighting a greater noise reduction potential of rubberized pavements compared to
the conventional road surfaces.

This work, therefore, sheds new light on the effects of the use of crumb rubber in the road mix
from an acoustic  point  of  view.  Further  developments  could  include  a  physical  model  in  oder  to
describe the role of crumb rubber in road traffic noise generation. An increase of the sample size
would represent a significant improvement to the study, in order to confirm the relations found.
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ABSTRACT 
Heavy vehicles are considered the primary determinant of night-time noise disturbance, particularly along 
principal freight routes. To capture the dynamic influence of heavy vehicles associated with variation in 
speed and road grade on noise emission, heavy vehicle kinematic variables need to be incorporated within a 
road traffic noise emission model. These kinematic variables in turn assist with accurate estimation of engine 
noise and rolling noise. An existing prediction method that considers the driving speed profiles of articulated 
trucks is the American FHWA TNM road traffic noise model. However, it can only consider a fixed set of 
speed profiles based on a single heavy vehicle power-to-weight ratio. As such, the model is limited and does 
not accurately represent the longer and heavier vehicle combinations that dominate the Australian freight 
haul fleet. In this work, a road traffic noise prediction model which includes the equation of motion for a 
typical Australian heavy vehicle operating on grade is presented. A case study based on a principal freight 
route in New South Wales, Australia, is presented to illustrate the predicted variations in engine noise and 
rolling noise throughout the heavy vehicle’s journey.  
 
Keywords: Heavy vehicle dynamics, traffic noise prediction, acceleration, speed 

1. INTRODUCTION 
Road traffic noise is one of the most prevalent sources of environmental noise resulting in 

annoyance as well as health concerns such as hypertension and sleep deprivation (1). Specifically, 
noise emitted by heavy vehicles has been identified as adversely impacting on those living along or 
near freight routes (2). The noise problem is further compounded by the use of longer and heavier 
truck-trailer combinations with a greater number of axles to increase freight productivity (3). The two 
main sources of noise emission of a heavy vehicle are engine noise which is associated with engine 
load, and rolling noise generated at the interface between the vehicle tyres and road surface. Variation 
in road grade and vehicle speed affects the contributions of to the overall noise emission of a heavy 
vehicle (4,5). Rolling noise is most prominent in high-speed environment while engine noise becomes 
increasingly dominant as speed reduces. The accurate assessment of road traffic noise requires that the 
contributions of both heavy vehicle engine noise and rolling noise be calculated for realistic operating 
scenarios.  

Existing research recognises the need for accurate estimation of kinematic variables to capture the 
variation in the contributions of rolling noise and engine noise (6). The consideration of heavy vehicle 
dynamics within principal road traffic noise emission models remains insubstantial. European traffic 
noise models default to maximum legal speed limits (7). The American FHWA-TNM is the only 
government approved method that considers heavy vehicle dynamics, whereby speed profiles of a 
standard 5-axle single-trailer truck are incorporated into the model to enable more accurate prediction 
of heavy vehicle noise levels along a route featuring different road grades and speed profile zones (6). 
However, the approach is based on curve-fitting of speed profile data and the range of validity is 
restricted to one particular truck-trailer configuration and power-to-weight ratio. A fixed set of heavy 
vehicle speed profiles is insufficient in the Australian context because the predominant long-haul 
freight vehicle has been trending towards longer and heavier vehicle combinations since the 1990s 
(3,7).  
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In this work, the Nordic and American road traffic noise prediction models are combined with a 
simple analytical model to yield the equation of motion for a heavy vehicle on grade. The Nordic 
model is used to replace rolling noise emission featured in the American model as it includes the 
ability to vary heavy vehicle rolling noise emission based on the axle configuration. The proposed 
analytical model considers rolling resistance, grade resistance, aerodynamic drag force, as well as 
tractive force delivered by the engine. The equation of motion provides a relationship between the 
distance travelled by the heavy vehicle as a function of speed and is applied to a 5 km long section of 
the Princes Motorway in New South Wales, Australia. In this case study, a 6.4 kW/t 9-axle 
double-trailer truck is used to demonstrate the transition in dominance from rolling noise to engine 
noise as a heavy vehicle ascends road grades of up to 8.6%. 

2. ROAD TRAFFIC NOISE EMISSION MODEL 
The noise emission of a stream of heavy vehicles is customarily characterised by a line source 

comprising a series of incoherent point sources (6). In this present work, heavy vehicle noise emission 
represented at each point source comprises the rolling noise algorithm from Nord2005 and full-throttle 
engine noise from FHWA-TNM (4,5): 𝐿 , = 𝐴 + 𝐵 log 𝑣 ,70 + 10log 𝑁4  (1) 𝐿 , = 111.6 (2) 
 
In Eq. (1), the sound power at the tyre/pavement interface is given as a function of the number of axles 𝑁 and mean vehicle speed 𝑣 ,  along each road segment represented by the point source. For rolling 
noise, the regression coefficients (𝐴  and 𝐵 ) at each one-third octave band centre frequency are 
taken from Ref. (4) for Swedish, Norwegian and Finnish conditions. Furthermore, in accordance with 
Ref. (4), rolling noise is increased arithmetically by 3 dB per doubling of axles with reference to a 
4-axle truck to account for the increase in road/tyre contact noise for a 9-axle truck. In Eq. (2), engine 
sound power level under full-throttle is taken as 111.6 dB(A) irrespective of vehicle speed and grade. 
The expression of engine noise from the FHWA-TNM model ignores the small perturbations in engine 
rotational speed from the gear-changing sequence. As seen in Figure 1, when the 9-axle truck is 
operating under full-throttle condition, the contributions of rolling noise and engine noise to the 
overall noise emission depend solely on vehicle speed. At 70 km/h, rolling noise is equal to engine 
noise under full-throttle. Engine noise becomes increasingly dominant as vehicle speed reduces. 
Below 35 km/h, rolling noise becomes inconsequential as engine noise is shown to be 10 dB higher.  
 
  

 

Figure 1 – Rolling noise and full-throttle engine noise as a function of vehicle speed 
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3. EQUATION OF MOTION FOR A HEAVY VEHICLE ON GRADE 
To calculate the vehicle speed as a function of distance travelled, the equation of motion for a heavy 

vehicle on grade is initially defined as (7):  𝐹 = 𝑚 𝑎 = 𝐹 − 𝐹 − 𝐹 − 𝐹  (3)

where 𝑎 is the acceleration and 𝑚  is the effective mass of the vehicle, corresponding to the sum of 
the vehicle’s static mass and the equivalent dynamic mass to account for the loss of tractive force due 
to the inertia of the engine and driveline components. The significant forces correspond to the 
retarding forces associated with aerodynamic drag 𝐹 , rolling resistance 𝐹  and grade resistance 𝐹 , 
as well as the tractive force 𝐹  delivered by the engine under full-throttle to overcome the retarding 
forces. According to Eq. (3), the vehicle will accelerate when tractive force is greater than the sum of 
all resistance forces. Conversely, the vehicle will decelerate when the engine is not able to deliver 
sufficient power to overcome all the resistances forces, in which case the heavy vehicle would slow 
down even under full-throttle condition. Furthermore, on any given grade, the maximum sustainable 
speed (also known as crawl speed) of a vehicle is reached when the tractive force is equal to sum of all 
resistance forces. Re-arranging Eq. (3) in terms of acceleration, the estimated crawl speed for a 
specific heavy vehicle combination on any given grade is obtained under full-throttle by setting 𝑎 = 0. 
Using the simple kinematic relation 𝑎𝑑𝑥 = 𝑣𝑑𝑣 for translational motion, entrance speed 𝑣  and exit 
speed 𝑣  can be computed by numerical integration at the respective ends of a given road segment. 
4. VARIATION IN ROLLING NOISE AND ENGINE NOISE 

Figure 2 shows the computed speed profile as a function of road grade and distance travelled, for a 
6.4 kW/t 9-axle double-trailer truck traversing the Great Dividing Range at Mount Ousley in New 
South Wales, Australia with an approach speed of 100 km/h. As shown in Figure 2, there are six 
distinct changes in the road grade along this section of the Princes Motorway, ranging from 0% to 8.6%. 
The speed profile shows that the 6.4 kW/t double-trailer truck operating under full-throttle is barely 
maintaining its initial speed of 100 km/h on a relatively flat section of the road and begins to decelerate 
rapidly as road grade reaches 3.3%. Figure 3 presents the variation in the contributions of rolling noise 
and engine noise at each point source location. As seen in Figure 3, rolling noise is only observed to be 
dominant during the first 1200 metres of the vehicle’s journey as it travels from the south. For the 
remainder of the vehicle’s journey through the adjacent residential suburb, engine noise is found to 
exceed rolling noise as the 9-axle double-trailer truck is unable to maintain its speed above 70 km/h. 
On 8% grade, the crawl speed of double-trailer truck is 22.5 km/h, in which the full-throttle engine 
noise is shown to be more than 15 dB above rolling noise. Immediately after the 8% grade, vehicle 
speed (see Figure 2) and the contribution of rolling noise (see Figure 3) increases momentarily as the 
significantly lesser grade resistance on the 1.5% grade allows the double-trailer truck to accelerate 
before another steeper section is encountered. Based on the above case study, it is concluded that a 
road traffic noise prediction model that defaults to maximum legal speed limit would overestimate the 
contribution of rolling noise. Furthermore, a road traffic noise prediction model that does not consider 
vehicle dynamics would be unable to identify localised areas impacted by high levels of engine noise 
when designing appropriate noise mitigation measures such as barriers. 

5. CONCLUSIONS 
In this work, a road traffic noise prediction model that considers heavy vehicle dynamics has been 
applied to a 5 km section of the Princes Motorway in New South Wales, Australia, with road grades 
varying from 0% to 8.6%. Results show that a 6.4 kW/t 9-axle double-trailer truck is unable to 
maintain its initial approach speed, with speed reducing from 100 km/h (along a relatively flat section 
of road) down to just over 20 km/h (when negotiating the steepest part of the ascent). Engine noise was 
found to dominate heavy vehicle noise emission over the majority of the heavy vehicle’s journey on 
uphill grade, with the contribution of rolling noise reducing rapidly as speed decreases on grade. The 
significance of this finding is the identification of appropriate noise mitigation measures depending on 
the dominance of engine noise and rolling noise. Further work will consider more case studies to 
investigate heavy vehicle noise emission and the duration of the sound exposure at receiver locations 
associated with heavy vehicle dynamics using the model proposed in this paper.  
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Figure 2 – Variation in grade and speed as a function of distance travelled for a 9-axle heavy vehicle  

 

Figure 3 – Variation in the contributions of rolling noise and engine noise (vehicle heading north)  

(aerial photography of Mount Ousley was sourced from the NSW Government) 
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ABSTRACT 
Bus stops for public transport systems are structures where users are exposed to intense levels of noise and 
are poorly evaluated in surveys. Therefore, the goal of this research is to develop a mathematical model of 
noise level prediction at bus stops, in order to contribute to the characterization of the traffic noise level. For 
this, a prediction model was developed based on direct waves and specular and diffuse reflections. A standard 
bus stop model was adopted on a three-lane roadway, simulating the user standing and sitting. The sound 
source was positioned on the axis of each strip, every five meters. In total, 126 source positions were 
evaluated. The descriptors, sound pressure level (SPL) and sound equivalent level (LAeq) were calculated. 
For the validation, the Anderson and Kurze model was applied, and later the Student t-test. The results 
presented better correspondence between the developed model and the reference model in the severe bands, 
whereas in the 8 kHz frequency there was a greater variance between the models. As a preliminary study, the 
research presented satisfactory results, which may contribute to future research. 
 
Keywords: prediction model, road traffic noise, radiosidy 

1. INTRODUCTION 
Traffic noise is the main source of urban noise. With the cities growth this problem has been 

aggravated by the increase in demand for individual and collective transportation. Studies show that 
exposure to high levels can cause harmful effects to people's health (1-3). For this reason, studies 
related to urban noise have been extensively done (4-5). 

In addition to studying and evaluating noise, studies are important tools in the planning and 
development of urban projects (6). Traffic noise prediction models are created from field 
measurements and analysis of different noise descriptors or traffic noise parameters. The development 
of noise prediction models allows the identification of critical points, the evaluation of population 
exposure and the simulation of mitigation measures in noise maps (7). 

The simplest models are based on the relationships between the number of vehicles and the level 
of noise they emit (8-9). On the other hand, the more complex models calculate other parameters, such 
as the speed, percentage of heavy vehicles, road configurations such as width and inclination, building 
feedback, barriers, among others (9-11). Other studies have recently addressed the modeling of sound 
propagation through specular or diffuse reflection analysis (12-15). The researches which use this 
approach allow the prediction of the behavior of sound propagation in different urban configurations, 
as well as the path of reflected sound waves (specular and diffuse).  

Based on this, the main goal of this research is to develop a mathematical model of prediction of 
the level of noise of road traffic, calculating the direct, specular and diffuse ways in bus stops, since 
these are spaces where the users are exposed to intense levels of and are poorly addressed in studies. 
This research seeks to contribute to the studies of traffic noise prediction models and to predict the 
sound levels in which users of the public transport system are exposed to at bus stops.  
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2. METHODOLOGY 
For the development of the research, a standard urban geometry model was elaborated. In the model, 

a standard bus stop was dimensioned, inserted in the middle of the block. The modeled street has three 
lanes with three-story buildings (9 meters high) on each side of the track. In each band, a sound source 
of 100 dB sound power level, measured every 5 meters of distance, was calculated and positioned 0.5 
m above the street. In total, in each range, 21 source positions were calculated, totaling 63 positions 
in the three bands, as shown in Figure 1. 

 
Figure 1 – Schematic model of the standard bus stop model and its insertion into the created geometry 
 
Two scenarios were simulated separately, the first one simulating the user standing and the second 

one the user seated. At each point, the sound pressure level (SPL) and the sound equivalent level 
(LAeq) were calculated, in octaves of frequency. For the validation, the Anderson and Kurze model, 
and later the Student's t-test, were applied to verify the variance between the models.  

2.1 Theoretical Model  
The theoretical model calculates the direct paths and specular and diffuse reflections, these paths 

correspond to the pulses emitted from a sound source (Figure 2). The model simulates an urban street, 
limited by buildings up to three decks. Each plane, presents absorption and scattering coefficients, 
adopted later in the calculations of the sound reflections.  

 
Figure 2 – Profile of the model with direct paths and specular and diffuse reflection  
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The direct path corresponds to the wave emitted by the source that arrives  at the receiver directly 
without reflections. It is obtained by calculating the intensity (Id) given by the relation between the 
sound power of the source and the distance between the source and the receiver. In equation 01 the 
directivity factor (Ω) and the losses due to the absorption of the air (ψ) are adopted. 

 (1) 

The attenuation due to air absorption is calculated using the methodology of ISO 9613 -1: 1993. 
The losses (ψ) are calculated by the sum of the classical losses due to thermal effects, rotational 
relaxation, and vibrational relaxation of the oxygen and nitrogen molecules (16), as shown in Equation 
2. 

  (2) 

The intensity of the specular path is obtained by means of the relation between the sound power of 
the source and the distance between the source and the receiver. In addition to the Ω directivity factor 
and the losses due to the absorption of air ψ, the absorption and scattering coefficients of each plane 
in which the sound wave is incident and reflected are calculated (Equation 3). For the calculation of 
the specular path, the image source method is used, where the sound energy reflects at the same angle 
as it is on the plane. In this method the mirror image of the sound source will have the same distance 
on the opposite side of a reflecting plane (17). 

For the calculation of the specular and diffuse paths, absorption coefficients (α) and scattering (ζ) 
were adopted for each material adopted in the model, as shown in Table 1. The absorption coefficient 
(α) is the ratio between the sound energy is not reflected and the incident sound energy, is the sum of 
energy absorbed and transmitted (18). The scattering coefficient (ζ) is the ratio of the reflected sound 
energy in non-specific directions to the total reflected sound energy, the dispersion of the energy 
distributed unevenly according to the roughness of the material (18). 

 

Table 1 – Absorption coefficients and scattering 

 MATERIALS 

ABSORPTION COEFFICIENT (Hz) 
SCATTERING 

COEFFICIENT   

AVERAGE (Hz) 63 125 250 500 1000 2000 4000 8000 

Asphalt (street) 0.02 0.02 0.03 0.03 0.03 0.03 0.02 - 0.25 

Concrete 
(sidewalk) 

0.02 0.02 0.03 0,03 0.03 0.04 0.07 0.07 0.5 

Smooth 
Concrete 

(external walls) 

0.01 0.01 0.02 0.02 0.02 0.02 0.05 0.05 0.1 

Bus stop 

(metal tile) 
- - - - - - - - 0.1 

SOURCE: Adapted (19-21). 
 

 (3) 
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For the calculation of the diffuse path, the first and second order radiosity model was adopted. The 
radiosity model divides the space (model) into stretches and calculates path of noise from one stretch 
to the other (18). In the first-order radiosity, the path between the source and the receiver is only a 
diffuse reflection in one of the planes of the model. In the section where the reflection is calculated 
the sound power of the section of the plane is calculated as shown in Equation 4. In the calculation  of 
the sound power reflected by the section, the sound power emitted by the source, the scattering 
coefficient and the area of the stretch. Subsequently, the diffuse path of the reflected segment is 
calculated to the receiver. 

 (4) 

The intensity of the first-order diffuse path is obtained by means of the relation between the sound 
power of the source of the "p" section and the distance between the first reflection section and the 
receiver. In equation 5, the directivity factor (Ω) and the losses due to the absorption of the air (ψ) are 
adopted for the calculation. 

On the second order, radiosity path a double diffuse reflection is calculated, that is , from the sound 
source, the stretch of the first reflection, the stretch of the second reflection, and then the receiver (r). 
In the second order of radiosity the path between the first reflection and the second reflection is 
calculated the diffuse energy radiated from the first stretch to the second, by means of the form factor 
(FF), as shown in Equation 6. 

The form factor (Figure 3) calculates the fraction of energy that is radiated from one surface and 
reaches another surface (22), taking into account the distance, shape and relative orientation of the 
two planes. For the calculation of the FF used in Equation 6, the form factor was adopted from the 
Hemi-cube.  

This way of calculating the FF, is similar to the geometric analogy of Nusselt in that it replaces the 
hemisphere with a hemicube and dividing the faces into small flaps (pixels) (23). For the calculation 
of the FF, the radius between the planes and the cosine of the angles i and j is calculated. (Eqs. 7, 8, 
9 and 10). 

 
Figure 3 – Derivation of delta Form-Factor 

 (5) 

 (6) 
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After calculating the paths, it is calculated the total intensity (It), which is the sum of all the pulses 
(paths) emitted by the source that arrive at the receiver, as shown in equation 11. The model was 
calculated in octave bands, in the bands from 63Hz to 8kHz. 

Subsequently, the comparison between the methods was calculated the descriptor Level equivalent 
sound (LAeq), as shown in Equation 12. For the validation the Anderson and Kurze model was applied. 
The Anderson and Kurze model describe a basic equation (Eq. 13) of outdoor sound propagation (24). 
In this model the solid angle (Ω) made available to the free propagation source is calculated. The 
directivity (DIɵ) and Acombined, corresponds to the attenuation between the source and the receiver.  

 (12) 

 (13) 

To verify the similarity between the models, the t-Student test was adopted. The test consists of a 
probabilistic model that calculates the variance between two samples. The sample size (n) is called 
degrees of freedom, which corresponds to the value of n - 1 (25). The t-critical is obtained according 
to the level of significance and degrees of freedom. If the t -critical is greater than or equal to the 
calculated, we accept Hypothesis H0, that is, no significant variance between the samples (26). The 
value of t is obtained from equation 14 (26). 

Where  are the means of each group. S1 and S2. corresponds to the standard deviations of 
the respective groups and n1 and n2 are the point numbers.  

3. RESULTS AND DISCUSSION  
The calculated results of the 126 source positions, 63 of the model developed and 63 of the model 

of Anderson and Kurze, considered the users standing with height of 1.5 m and the users seated with 
height of 1.1 m. The overall value of the sound spectrum as shown in Figure 4 shows the LAeq values 
of the 126 source positions. 

The results showed similarity between the models, in general the difference between the models 
was higher in the 03 range presenting values ranging from 0.7 dB to 0.9 dB between the developed 
model and the reference model. On the other hand, bands 1 and 2 presented values between 0.2 dB to 
0.4 dB, for band 1 and 0.1 dB to 0.7 dB in band 02. 

 (7) 

 

 

(8) 

 (9) 

 (10) 

 (11) 

 
(14) 
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Figure 4 – LAeq of each point  

 
The values obtained (Figure 4) were closer between the models at  the points closest to the receiver, 

but were the ones that presented the most variation between the bands. This greater variation in points 
near the receiver occurred due to the distance between the source and the receiver being smaller, 
presenting a lower attenuation due to the atmospheric absorption and the absorption of the scattering 
of the materials. The comparison between the two scenarios (standing and sitting users) shows that 
standing users are more exposed to the noise emitted by the source. 

The total value of the sound spectrum in the developed model presented Leq values of 78.3 dB, 
75.5 dB and 73.9 dB, in lanes 1, 2 and 3 respectively, for the standing user, and 77.9 dB, 75.3 dB and 
73.8 dB for the seated user. In the reference model of Anderson and Kurze, the values were 78.4 dB, 
75 dB and 73.2 dB, in lanes 1, 2 and 3 for the standing user, for the seated user were 77.7 dB, 74 .7 
dB and 73 dB, respectively. The variance between methods was shown to be lower in the bass 
frequencies and in the bands closer to the receiver. 

The values obtained show the level at which users using public transport systems are exposed at 
bus stops. The values (Figure 4) become more intense as they approach the bus stop. Exposure to 
levels above 70 dB can lead to cardiovascular problems and changes in the auditory system (27). 

Student's t-test was used to determine the significance level of 5% (α = 0.05). For the calculation, 
21 samples corresponding to the 21 source positions in each range were adopted. In the similarity 
analysis, the developed model and the reference model were compared. Thus, the samples of each 
model were added, totaling 42 samples. It is observed that for each group analyzed we calculated (n -
1). In this way the value of 40 degrees of freedom was obtained. 

The first analysis of similarity of the two models, the global value of the sound spectrum of each 
band was calculated for the user sitting and standing. The test as shown in Table 2, presented values 
below the t-critical value. For the two-tailed test with 40 degrees of freedom the t-critical value 
corresponds to 2.021. 
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Table 2 – Bi-caudal t test of similarity of methods  

SCENARIOS MODEL AVAREGE VARIENCE T P(T<=T)  T CRITICAL  

Lane 

01 

Standing 

person 

Developed 72.62 43.68 
0.105 0.917 

2.021  

Reference 72.40 44.98 

Sitting 

person 

Developed 72.62 41.57 
0.164 0.871 

Reference 72.29 42.41 

Lane 

02 

Standing 

person 

Developed 72.07 29.52 
0.300 0.766 

Reference 71.57 29.88 

Sitting 

person 

Developed 72.08 28.02 
0.386 0.701 

Reference 71.44 28.28 

Lane 

03 

Standing 

person 

Developed 71.55 28.38 
0.496 0.623 

Reference 70.85 21.65 

Sitting 

person 

Developed 71.56 20.32 
0.596 0.555 

Reference 70.73 20.55 
 
The "t" values (Table 2) show that there is no significant difference between the models. Thus 

presenting similarity between the developed model and the reference model.  
The second analysis was calculated considering the users standing and seated in each bands in each 

frequency range. The calculated results (Figure 5) showed greater similarity between the models at 
low frequencies and in the band closest to the receiver.  

 
Figure 5 – Teste t-student by frequency lane  

Analysis by frequency range, presented values of "t" inferior to the value t -critical, for 40 degrees 
of freedom. This means that the difference between the models is less than 5%, that is, the values are 
in the range of -2.021> t <2.021. In this way the hypothesis of Ho is accepted, in which it is assumed 
that there are no significant differences between the developed model and the Anderson and Kurze. 

4. CONCLUSIONS 
It is concluded that the prediction model based on the calculations of the paths (direct, spec ular 

and diffuse) allowed to predict the sound levels at the bus stop. The sound levels calculated in the 
model presented more intense values in the bands near the receiver, thus showing intensity that the 
users are exposed, and that can be harmful to health. The application of the t-Student test to evaluate 
the similarity, allowed to validate the developed model, comparing with the reference model of 
Anderson and Kurze. The difference presented between the models was less than 5%, that is, the 
model shows similarity higher than 95% with the reference model.  

As a preliminary study, the research presented satisfactory results in the prediction of road noise 
levels reaching the receiver (standing or sitting user), emitted from a sound source. It is hoped that 
the study may contribute to evaluations of vehicle traffic noise characterization at bus stops and also 
to the application in other contexts. 
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ABSTRACT 
A model for the prediction of diffuse reflections from forested areas is presented. A single tree is thereby 
modelled as a cylinder of finite height, representing the trunk, and a number of spheres to account for 
reflections from the crown. The scattering properties of the involved structures are derived from the classical 
analytical solutions, complemented by a Fresnel zone weighting. For performance reasons not every tree in a 
forest is modelled individually but representative super trees are distributed over forested areas with a finer 
local resolution along the forest edges and a coarser representation in the depth of the forest. The model is 
formulated in one-third octave bands and yields sound exposure level as well as maximum sound pressure 
level. As the depth of the forest is automatically scaled correctly, it can be applied for small-scaled vegetation 
and is for example capable of predicting levels behind forested barriers or berms. Comparisons with 
measurements showed a generally good agreement. 
 
Keywords: Sound propagation, Vegetation, Reflections 
 

1. INTRODUCTION 
The presence of vegetation influences sound propagation in manifold ways. Already known for a 

long-time is the additional attenuation produced by belts of trees (1, 2). It is primarily explained by the 
presence of trunks, branches and leaves, the latter being relevant at higher frequencies, and by the fact 
that forest soils are typically softer and therefore lead to more prominent ground-effect dips (3, 4). In 
addition, vegetation has an influence on temperature and wind profiles with typically smaller gradients 
within forests compared to open fields (5, 6). Consequently, as barrier effects are reduced under 
down-wind conditions, the presence of trees increases barrier attenuation (7). Apart from this, trees 
can also act as reflectors and hence lead to an increase of sound exposure (8). Approaches to account 
for the effect of vegetation range from simple distance and frequency dependent attenuations as 
presented for example in ISO 9613, part 2 (9) to sophisticated FDTD-models, that even account for 
microclimatic influences (10, 11). 

In this contribution, a forest reflection model is presented that starts from an analytical description 
of a single tree and extends this approach to entire forests. The model represents a further development 
of previous work described in (12) and (13). In the previous model, the reflection was assumed to be 
stemming from the forest edge. In the current model representative trees are spread over the entire 
forested area. The calculation method has been implemented in the most recent versions of the Swiss 
engineering models for shooting and aircraft noise, sonARMS and sonAIR (14, 15). Therefore, several 
simplifications and optimizations have been introduced to allow for a computational ly efficient 
implementation.  

 

2. MODEL DESCRIPTION 

2.1 Reflections of a single tree 
A single tree is represented by the trunk and the tree crown. The scattering by the trunk is modelled 

based on an analytical solution for rigid cylinders given in (16). To account for the finite height of the 
tree a Fresnel-zone approach as described in (13) is applied. The tree crown is modelled as a number of 

                                                        
1 jean-marc.wunderli@empa.ch 

3748



 

 

scattering spheres, which for simplicity are cumulated at 10 m height at the position of the trunk. An 
analytical solution for the scattering of rigid spheres as given in (17) is used. 

Based on forest statistics from Switzerland an average number of trees of 5 per 100 m2, an average 
diameter of 27.5 cm and an average height of 20 m was determined (12). The properties of the crown 
were derived in comparison with measurements in short distance. On this basis, a sphere diameter of 
15 cm and a total of 350 scattering spheres was deduced. The corresponding reflectivity for trunk und 
crown are stored as a look-up table for specific scattering angles and a frequency range from 25 Hz to 
5 kHz. 

2.2 Propagation calculation 
The propagation calculation accounts for geometrical spreading, air absorption, ground effect, 

foliage attenuation and reflectivity. Air absorption is calculated according to ISO 9613-1 (18). 
Diffraction is not explicitly taken into account. Calculations are suppressed if either the line of sight 
from source to the middle of the trunk or from the trunk to the receiver is blocked. To reduce 
computing effort a standardized ground-effect spectrum is used (13). For the part of the propagation 
path that takes place in a forest, foliage attenuation according to ISO 9613-2 (9) is applied.  

2.3 Extension to entire forest – discretization strategy 
The information on forested areas is taken from land-use data provided in a horizontal grid, with a 

typical mesh size of 5 m. As a first step, a representative tree is placed in the center of each cell. 
However, taking into account that potentially large areas are covered with trees and that propa gation 
calculations are performed for each combination of source, reflecting tree and receiver, this is likely to 
result in a very high number of propagation calculations and impracticable long calculation times. 
Therefore superior mesh structures are introduced. In case that all four unit cells within a superior cell 
are of the type forest, they are aggregated and a super tree is introduced in the center of the superior 
cell with a four times higher reflection strength. This merging step is executed four times, resulting in 
a maximum grid size of 80 m. Figure 1 shows on the left an example of this discretization strategy, 
resulting in bigger structures in the middle of the forest while the forest rim is represented by 
substantially finer structures. This feature is highly intended as simulations indicate that the first rows 
of trees at the forest rim are responsible for the majority of the reflections  in front of the forest (12). 

However, the number of remaining super trees is still comparably large. Nevertheless, repeating the 
described aggregation step even further or starting with a coarser basic grid would not have been 
expedient. As the majority of the remaining reflectors is located at the forest rim the first approach 
would not result in a substantial reduction of the number of reflectors. The second approach would 
shift the position of the super trees deeper into the forest, further away from the forest rim, 
consequently leading to an underestimation of the resulting reflections close to  the forest edge.  

  
Figure 1 – Examples of the discretization strategy showing the remaining super trees for a forest of 0.9 km2. 

Grid size is in both cases 5 m. The graph to the left shows the situation after merging to superior structures, 

resulting in 504 super trees. The graph to the right shows the same situation after applying an additional 

reduction by a factor of 5.  
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Therefore, an alternative concept was introduced in which the position of the super trees is left 

unaltered, but only a reduced number of reflectors is considered in the propagation calculation and the 
weight of the omitted super trees is summed up accordingly. The reduction strategy is thereby  
formulated such that the reduction only takes place within elements of identical cell size. In addition, 
it follows a pattern that avoids geometrical distortions, i.e., a drift of the reflector positions in a 
specific direction (see Figure 1 on the right). 

2.4 Reproduction of temporal pattern and calculation of maximum sound pressure levels 
The shooting noise model sonARMS (14) yields as output not only sound exposure level but also 

maximum sound pressure level. Consequently the calculation scheme of the sound propagation core is 
designed to store for each propagation path not only the corresponding attenuation but also the runtime 
of the sound wave.  

Forest reflections cause sustained echoes, composed of the contributions of numerous trees and 
branches. By introducing the concept of super trees, the temporal pattern of these reflections will 
become uneasy and maximum levels are likely to be overestimated. Therefore, as already proposed in 
(14), an additional temporal smoothing step with a time constant of 150 ms is introduced. This setting 
turned out to yield plausible results for a wide range of reflector discretizations. 

 

3. Verification 
In (13), forest reflection measurements at four sites, consisting of 66 source-receiver-combinations, 

were presented and compared with calculations. Two sites were on a plane and two sites on a valley 
slope, with source and receiver at a lower level than the forest rim. Sound sources were either 
explosions or pistol shots. In all cases, sources and receivers were on the same side of the forest edge. 
These measurements were again used for comparison with the recent forest reflection model. As this 
dataset had also been used to derive the reflection properties of the crown (see section 2.1) the 
comparison cannot be used as a validation but serves only as a model verification. The calculations 
were performed with a 5 m basic grid, 4 aggregation rounds and a reduction factor of 5, as depicted in 
Figure 1.  

Figure 2 shows measured vs. calculated A-weighted attenuations. The attenuation is thereby 
defined as the difference of the sound power spectrum of the source and the measured or calculated 
sound exposure spectrum. Situations with attenuations between 40 and 60 dB(A) featured source as 
well as receiver distances from the forest rim below 50 m. In contrast the situations with higher 
attenuations exhibited substantially greater distances with sources that were up to 500 m and receiver 
that were up to 300 m away from the forest rim. 

 
Figure 2 – Comparison of measured vs. calculated A-weighted attenuations. 
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Deviations from the one-to-one line are primarily visible in two parts. At low attenuations, i.e., 

short propagation distances, the deviations are assumed a consequence of the different tree types. At 
these comparably short distances, the A-weighted levels are dominated by the contribution from the 
tree crown. In case of the measurement data depicted with diamonds, the forest was dominated by 
hardwood trees with large, low-hanging branches. In contrast the other site with identical geometries 
exhibited only softwood with small branches. Hence it can be concluded that the indicated range of 
uncertainty cannot be avoided with a uniform parameter setting. 

At greater propagation distances, a tendency to underestimate attenuations and hence to 
overestimate the resulting sound exposure level, becomes obvious. This finding is explained by 
meteorological influences on sound propagation. The measurements showing the greates t deviations, 
depicted with stars, were performed on a calm, sunny summer day. Consequently it can be assumed 
that up-wind conditions were present on the propagation from the source to the forest as well as on the 
path from the forest to the receiver. The upper two graphs in Figure 3, showing measured vs. calculated 
spectra, clearly demonstrate the meteorological influence on sound propagation. The lower two show 
the already mentioned influence of the type of forest.  

 

  

  
 

Figure 3 – Examples of measured (bold line) vs. calculated (dashed line) sound exposure level. Upper two 

examples: explosions of 200 gr TNT, propagation distance 680 m, unfavorable (left) and favorable (right) 

sound propagation conditions. Lower two examples: signal pistol, propagation distance 50 m, softwood 

forest (left) and hardwood forest with low-hanging thick branches (right). 
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Figure 4 shows in addition a measured vs. calculated level vs. time pattern of the reflection of an 
explosion 50 m in front of the forest rim, measured in 100 m distance from the forest.  

 

Figure 4 – Examples of measured (grey lines) vs. calculated (black line) level vs. time pattern. 
 

4. Application examples 
So far only situations have been studied with source and receiver on the same side of the forest. 

However, a major advantage of the current model implementation is that predictions are also feasible 
within the forest and on the opposite side of forest belts. Therefore this aspect shall be exploited in the 
application examples as well. Figures 5 and 6 show sound exposure maps for two situations with a 
forest belt of 50 m depth. In both cases a high barrier is present, once in the forest and once in front. In 
graphs b), depicting the forest reflection, the discretization of the super trees becomes visible. As can 
be seen in d), the forest reflections however are only dominant in the forest or in geometries were 
direct sound is shielded. 

 

5. CONCLUSIONS 
An engineering approach to calculate forest reflections has been presented. The calculation scheme 

describes the reflection of a single tree and models a number of representative trees, distributed over 
the entire forest. This areal approach allows predicting reflections inside and outside of forested areas, 
and yields also an exposure in the rear area. A verification with measurements yielded a generally good 
agreement with a standard deviation of 4 dB(A). Deviations are explained by varying forest properties 
and simplifications of the propagation calculation like the negligence of meteorological influences or 
the standardized ground-effect spectrum.  

Simulations show that reflections from trees can become relevant primarily in situations where 
direct sound is shielded. Still pending is a validation of the model with independent measurements, the 
latter especially for receiver positions behind forest belts, where so far no measurements have been 
performed.   
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Figure 5 – Sound exposure maps with a 50 m deep forest of 500 m length and a barrier of 50 m length in the 

forest. a) Direct sound, b) Reflected sound, c) Direct and reflected sound, d) Level increase because of forest 

reflections. 
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Figure 6 – Sound exposure map with a 50 m deep forest of 500 m length and a barrier of 100 m length in front 

of the forest. a) Direct sound, b) Reflected sound, c) Direct and reflected sound, d) Level increase because of 

forest reflections. 
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ABSTRACT
Prediction of sound propagation is playing a key role in the planning and design process of urban areas and during

the last decades different techniques have been developed for the computation of the sound fields in cities. Among

them, the diffusion equation, based on the propagation of sound energy, is a simple and attractive tool for certain

scenarios where the diffuse field is predominant, such as inner city environments. The diffusion equation is a well-

known and efficient method to compute sound fields in rooms with a low amount of absorption. However, this

method, which includes the diffusion coefficient describing the diffusivity of the energy propagation, requires further

understanding for urban environments. In this work, the diffusion coefficient has been evaluated using wave-based

numerical techniques for simplified two-dimensional urban scenarios. The parameter is computed spatially from the

acoustic intensity and sound energy density fields in every direction for different geometries. This paper investigates

the directional components of the diffusion coefficient.

Keywords: Diffusion equation, urban sound propagation

1 INTRODUCTION
The diffusion equation describes sound propagation by a diffusion process of the sound energy. The method relies

mainly on a single parameter - the diffusion coefficient D - that requires further understanding for urban environments.

The hypothesis assumed in this paper is that the sound field can be approximated by a diffusion process in canyon-type

street configurations. For these cases, the diffusivity of sound energy has different properties in different directions

and as a consequence, the diffusion coefficient is not uniform (1). Although some authors have derived analytical

expressions or methodologies to estimate the coefficients for urban cases, for instance (1) and (2), there is still a

lack of knowledge regarding how the diffuse sound energy propagates in these cases. The main contribution of

this paper is to investigate the directional components of the diffusion coefficient by using a novel methodology to

spatially compute D using solutions of a wave-based method for simplified urban environments. Section 2 presents

the principles of the diffusion equation for sound propagation with special emphasis on the presentation of the non-

homogeneous and directional diffusion coefficient for urban cases. In this work, the computation of the coefficients

is done by using the sound pressure and acoustic velocity as calculated by the discontinuous Galerkin (DG) wave-

based time domain method; the approach is also valid for any numerical method that allows the steady state acoustic

intensity and sound energy density to be computed at discrete positions of the domain under investigation. The

full methodology of obtaining the diffusion coefficients is detailed in Section 3. The approach has been used in

two simplified two-dimensional scenarios, described in Section 4: a straight, long street and an intersection of two

perpendicular long streets. The solutions of the diffusion coefficients for these scenarios are presented in Section 5

and the final conclusions can be found in Section 6.
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2 THE ACOUSTIC DIFFUSION EQUATION
Fick’s first law, adapted to a diffuse sound energy field, is presented in Equation 1, where w(r, t)

[
kgm−1 s−2

]
is

the sound energy density. This law states that the flow of acoustic energy (sound intensity vector J
[
kgs−3

]
) occurs

from regions of high energy to areas of low energy concentration, with a proportionality relation between the acoustic

intensity and the sound energy density gradient (∇w). The proportionality factor in the equation is the diffusion

coefficient D [m2 s−1]. The derivation of Fick’s second law - or more popularly the diffusion equation (DE) - for

diffuse sound fields was presented by (4) (see Equation 2). The absorption by the domain surfaces is included in σ
[s−1], which represents the probability rate of a sound particle to be absorbed during one second. The DE presented

in Equation 2 represents sound energy density propagation in the time domain. In order to obtain frequency solutions,

the equation needs to be resolved for each frequency band of interest separately.

J(r, t) =−D∇w(r, t). (1)

∂
∂ t

w(r, t) = D∇2w(r, t)−σw(r, t). (2)

The diffusion coefficient is defined for room acoustics problems by Valeau et al. in (3) as a term of the diffusion

equation that takes into account the room morphology through the mean free path λ [m]. This classical definition

corresponds with the theoretical derivations presented in (4) for rooms of proportionate dimensions, where D takes

a constant value depending on the geometrical properties of the space as D = λc0/3, where c0 is the sound velocity

and λ = 4V/S, with V and S the volume and surface area of the proportionate room. However, when the space is

more complex, as for instance in a long room or in a canyon-type street, the diffusion coefficient is not as simple.

Visentin et al. (5) carried out an investigation to study the validity of Fick’s law of diffusion in room acoustics from

a numerical evaluation of the gradient Equation 1. One of the main conclusions of the study was that D = λc0/3,

is only valid in areas close to the source in long rooms, while linearly increasing with distance from the source.

Therefore, they proved that the sound field in long rooms is described by non-homogeneous diffusion, i.e., with a

spatially varying diffusion coefficient. In this type of space, where one dimension is much bigger than the others,

the mean free path is not homogeneous and spatially depends on the location of the source and receiver. In receiver

areas close to the source in an infinite long room, the distance between successive reflections is shorter (limited by

the distance between parallel surfaces when the sound waves travel as a standing wave in the corridor), than in areas

far from the excitation, where the sound waves have on average a larger angle with respect to the source (assuming

zero degrees angle is perpendicular to the side walls). The hypothesis assumed in the present paper is that the sound

field can be approximated by a diffusion process in canyon-type streets configurations by using the DE model as

presented in Equation 2 without fundamental modifications. In this type of street, the diffusivity of sound energy

has different properties in different directions and, as a consequence, the diffusion coefficient is not uniform and

depends on the direction of propagation (1). The spatially dependent directional diffusion coefficients are presented

in Equation 3 for three-dimensional rectangular streets in Cartesian coordinates. The diffusion gradient Equation

2, assuming the diffusion coefficients D(r) given in 3, is employed to calculate the spatially dependent directional

diffusion coefficients of urban cases.

D(r) =

⎛
⎝

Dx(r) 0 0

0 Dy(r) 0

0 0 Dz(r)

⎞
⎠ . (3)
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3 METHOD TO OBTAIN THE DIFFUSION COEFFICIENT FOR URBAN APPLICA-
TIONS

In this Section, the methodology for obtaining spatially dependent directional diffusion coefficients D(r) is presented.

The approach begins with the frequency domain J( f ) and ∇w( f )1, calculated from solutions of a full wave-based

method at a large number of equally-spaced discrete locations in the physical domain under investigation. The method

is detailed for two-dimensional rectangular cases. The approach is based on solving Equation 1 by evaluating the ratio

between the solutions of the steady state components of J and the corresponding energy density gradients ∇w.

One assumption in the derivation of the diffusion Equation 2 is that the variations per mean free path of w, J, and

thus D, must be small. However, the solutions of a full wave-based method, as proposed here, implicitly include

the interference effects due to the wave nature of sound propagation and therefore, the results are not as smooth as

the diffusion equation would demand. In order to reduce this effect, calculating the energy density and the intensity

in broader frequency bands, as indicated in Section 3.1, contributes to smoothing the results, as well as the local

spatial averaging, performed according to Section 3.2. After the calculation and local averaging, the sound energy

density gradient is computed as presented in Section 3.3. In Section 3.4, the gradient and the acoustic intensity

are then averaged over the narrow dimension of the street. Before obtaining the diffusion coefficients, a smoothing

process over the acoustics intensity and sound energy density is applied according to Section 3.5. Finally, the diffusion

coefficients are obtained according to Section 3.6. Additionally, the variations per mean free path of the energy density

and the acoustic intensity are not expected to be smooth along the narrow dimension of a street canyon. Therefore, the

methodology presented in this section is only employed for computing the diffusion coefficients along the direction

of the biggest dimension of the street.

3.1 Broad band frequency calculation

The energy density and the active part of the acoustic intensity, indicated generically in Equation 4 by Ψ(r, f ), are

calculated for a broad frequency band fbb by a summation of the results from the lowest frequency of interest fl to

the highest fu, as indicated in Equation 4.

Ψ(r, fbb) =
fu

∑
f= fl

Ψ(r, f ). (4)

3.2 Receivers and local spatial averaging process

A large number of discrete locations r in the spatial domain is needed in order to obtain a meaningful representation

of the sound field to get the diffusion coefficients. The total number of receivers in the whole domain is Nr and the

distance between receivers is denoted as Δr [m] for every Cartesian dimension. Δr is chosen to be constant everywhere

in the domain for the ease of the averaging process and the later calculation of the spatial energy gradient. The spatial

average of the broadband w and J are computed at a number of equally spaced recording positions in each Cartesian

direction nr (same number in each direction). They are arithmetically averaged and the result is assigned to the central

position. The total number of averaged positions is nr = n2
r . The total number of evaluation positions Nr is reduced to

Nr = �Nr/nr�, and the distance between positions is now Δr. The averaged frequency solutions are referred as Jx(r),
Jy(r) and w(r) for a certain frequency range.

3.3 Energy density gradient calculation

The next step is to compute the energy density gradient over the whole domain by using central differences for interior

data points, while using single-sided differences along the edges of the domain. The following notation is used for

the spatial discretisation of the energy density in the two-dimensional domain: wi, j = w(iΔr, jΔr). The gradient

1Unless otherwise indicated, the reference to the frequency domain in the solutions has been omitted for subsequent references to these quanti-

ties, i.e. J( f ) = J and ∇w( f ) = ∇w.
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calculation in the x-direction is described in the following Equations 5 for interior data points and 6 for the positions

located at the edges (equivalent expressions are used for the y-direction), where Nx is the total number of averaged

points in the x-direction:

∇xwi, j ≈ wi+1, j −wi−1, j

2Δr
,

(5)

∇xw1, j ≈ w2, j −w1, j

Δr
, ∇xwNx, j ≈

wNx, j −wNx−1, j

Δr
. (6)

3.4 Averaging from 2D to 1D solutions

Since the streets considered in this approach are rather narrow, a second spatial averaging process is performed over

the results Jx(r), Jy(r), ∇xw(r) and ∇yw(r). Essentially, the two-dimensional solutions are transformed into a set of

one-dimensional results for each Cartesian dimension by spatially averaging the results over the other direction. In

this approach, it is assumed that the solutions are constant along the narrower dimension of the street. When one of

the results is expressed, for instance, by Jx(rx), it means that the values have been averaged and only spatial values

along the x-dimension remain, i.e. the values in the y-direction have been averaged.

3.5 Smoothing process over the sound energy density and the acoustic intensity

Despite the spatial averaging process and the calculation of solutions in a broad frequency band, the results still

present strong variations within the spatial domain. In order to reduce these local variations, a moving averaged

process is applied to the solutions obtained in the previous Section 3.4, that is equivalent to low-pass filtering the data.

The response of the smoothing process is given by the Equation 7 for a generic solution ψx(rx). The filter smooths

the data by replacing each data point with the average of the neighbouring data points defined within a certain span

defined as nspan = 2Nsm +1.

ψx,sm(i) =
1

(2Nsm +1)
[ψx(i+Nsm)+ψx(i+Nsm −1)+ · · ·+ψx(i−Nsm)], (7)

where ψx,sm(i) is the smoothed value for the ith data point and Nsm is the number of data points at each side of point i.
The span must be an odd integer number. Moreover, the end points of the function are not smoothed. Finally, the span

is adjusted for data points that cannot accommodate the specified number of neighbours on either side by reducing

the number of points.

3.6 Calculation of the diffusion coefficient

The diffusion coefficients are finally computed at the averaged positions, for the frequency range of interest, using

Equation 8 for the x-dimension and an equivalent expression for the y-dimension.

Dx(rx) =− Jx(rx)

∇xW (rx)
, (8)

4 WAVE-BASED URBAN SCENARIOS
Two simplified urban problems have been investigated in this paper: a straight, long street (LS) and the perpendicular

intersection of two long streets (LX). The two-dimensional domains are shown in Figure 1a. The façades of the

scenarios are built using quadratic residue diffusers (QRDs) in order to obtain high values of the surface diffusion

(dΨ) and scattering (s) coefficients. The arrangement of the QRDs followed the indications in (7) and the design
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has been done for frequencies higher than 500 Hz. The geometrical details of the QRD are given in Figure 1b.

The DG scenarios have been designed for a frequency range of interest from 500 to 2500 Hz. The QRDs represent

façade irregularities with a constant low sound absorption coefficient, while the beginning and the end of the streets

are simulated as completely absorbent openings. The calculations in DG are initiated with a broadband pressure

distribution and zero acoustic velocity.

(a)

0.03m

0.09m

0.16m
0.12m

0.66m

0.06m

(b)

Figure 1. a) Dimensions of the two-dimensional urban domains including the source position (black dot) and the

openings (red lines): upper domain straight, long street (LS), lower domain perpendicular intersection of two long

streets (LX). b) Geometrical detail of the two-dimensional QRD used at the boundaries of the scenarios to simulate

the façade’s irregularities.

The results of the absorption coefficient for random sound incidence αr, and the scattering and the diffusion coeffi-

cients (averaged value for all source positions dΨ) according to (7) for the used QRD diffuser are presented in Figure

2. These values were obtained from a numerical evaluation using the DG model.
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Figure 2. Results of the QRD used in this study for 1/1 (black big circles) and 1/3 (red small circles) octave bands: a)

diffusion coefficient dΨ, b) scattering coefficient s, and c) random absorption coefficient αr.
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4.1 Removing the direct sound and specular reflections

The nodal discontinuous Galerkin (DG) numerical time-domain wave-based method (6) was employed in this work

for solving the linearised Euler equations representing sound propagation in urban scenarios. The impulse responses

(IRs) of the acoustic solutions of DG are recorded at equally spaced multiple locations r in the domain. These

solutions represent the steady state condition when transformed to the frequency domain. The source and receivers

locations in the two-dimensional coordinate system are indicated as rs = [xs,ys] and rnr = [xnr ,ynr ], respectively. The

time step is computed depending on the maximum frequency of interest fmax according to Δt < 1/(2.5 fmax) [s]. The

end of the time signals is tapered by a single-sided Gaussian window with a length ≈ 6 ms to avoid Gibbs effects. As

by definition, the diffusion equation does not include the coherent part of the sound field, the beginning of the IRs is

tapered by windowing the first part of the IRs. The window length is constructed by computing the number of time

steps (n1a) the direct sound takes to arrive to every receiver location in the case of receivers located in the line-of-sight

from the source. The cases where the receiver location is not in the line-of sight from the source, the number of time

steps until the first arrival (n1a) has been computed from the distance between the source and the closest diffracted

corner, plus the distance from that corner to the receiver position. The windowing function Γw is constructed using

Equation 9, where the total number of recorded time steps is denoted by Nt with indexes nt = (1,2, . . . ,Nt) and αw = 7

and βw = 4 are constants controlling the shape of the exponential function. The length of the exponential window Nw
is fixed in this work (NwΔt ≈ 2.4 ms) to remove the direct sound and assuming that all reflections are non-coherent

for frequencies above 500 Hz, according to the design of the QRD.

Γw =

⎧⎪⎨
⎪⎩

0 for 1 ≤ nt ≤ n1a,

e−αwlog(10)
(

nt−Nw
Nw

)2βw

for n1a < nt ≤ n1a +Nw,
1 for n1a +Nw < nt ≤ Nt .

(9)

5 RESULTS OF THE WB SCENARIOS AND CALCULATION OF D
In this section, the results of the acoustic intensity, the energy density and the gradient of the energy density are

presented as calculated from the solutions of the WB method. Additionally, the calculated diffusion coefficients are

shown for the computed cases, LS and LX. The set of graphs shown in Figure 3 presents the results of w, Jx, ∇xw and

Dx of both scenarios. Excluded from this initial analysis the areas in the proximity of the source and street openings.

The one-dimensional solutions of the LS case in Figure 3 show an increase of the diffusion coefficient along the street,

while the energy density resembles an exponential decay as the distance from the source increases. This is in line

with the diffusion coefficients reported by Visentin (5) for long rooms. As a consequence of the decay of the energy

density, the gradient smoothly approaches zero as the slope of the energy decay decreases (see Figures 3a and 3c).

The intensity follows a similar exponential pattern as the energy density, smoothly decaying with distance from the

source as shown in 3b. Close to the right end of the main streets, there is a predominant direction of the intensity, as

shown in Figure 4. However, in this area there is a drop of the value of the diffusion coefficients that can be explained

due to the fact that the back-scattering in nearby areas of the openings is highly reduced. Moreover, the intensity field

around the source location is not presenting a predominant direction, as shown in Figure 4, that can be additionally

observed by the change of sign of Jx in Figure 3b. In the same area, the energy density presents its maximum value,

decaying towards both openings (see the area around the source location in Figure 3a). Overall, it can be concluded

that the openings of the streets affect the results in their proximity, questioning the validity of the methodology for

computing the diffusion coefficients in these areas.

In the LX scenario, the energy density is distributed along the main street, but part of the energy is distributed to the

side streets as shown in Figure 4b. The flow of energy occurs from the source towards the ends of the main and side

streets. In this scenario, the results of the acoustic variables (w, J, ∇w and D) are presented in Figures 3 and 5, for

the main and side streets, respectively. Each graph includes red dotted vertical lines indicating the position of the

crossing street. Of particular interest in the main horizontal street is the analysis of the intensity field direction around

the crossing area that can be observed in Figure 4b. The energy density presented in Figure 3a for this scenario is
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Figure 3. Results of the LS scenario (grey solid line) and the main street of the LX scenario (black broken line). a)

w, b) Jx, c) ∇xw and d) Dx. The red dotted vertical lines represent the position of the crossing street (only for the LX

scenario).
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Figure 4. Direction of the acoustic intensity field of the street scenarios: a) LS and b) LX.
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Figure 5. Results of the two-dimensional cross street of the intersection model (LX). a) w, b) Jx, c) ∇xw and d) Dx.
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smoothly decaying until the crossing area where a more significant drop occurs, corresponding with the distribution

of the energy towards the side streets. This can be observed as well in the results of Jx (see Figure 3b). Clearly, after

the crossing area, the energy density and the acoustic intensity decay at a slower rate than before the crossing. The

diffusion coefficient results present a clear drop in the main street right before the crossing and a sudden increase

after the crossing. In the cross street, the analysis is equivalent. The energy density is distributed from the crossing

to the side streets. Figure 4b shows how the acoustic intensity propagates with opposite directions in each side street

and Figure 5b shows how the intensity distribution is approximately mirror-symmetric. The coefficients present an

increase with distance when entering the side streets until the proximity of the openings, as shown in Figure 5d.

6 CONCLUSION
A novel methodology for the calculation of diffusion coefficients for the diffusion equation has been proposed for

urban applications, based on the solutions of a wave-based method. The approach is based on locally computing the

diffusion coefficients as the proportionality factor between the acoustic intensity and the gradient of the sound energy

density given by Fick’s first law of diffusion. The variations per mean free path of w, J, and thus D, must be small and

therefore, efforts of the proposed methodology are oriented towards reducing the fluctuations of the solutions when

using a full WB model. The presented approach has been employed for two-dimensional2 scenarios composed of

rectangular domains where one dimension is much bigger than the other. The method has been applied to a straight,

long street and to a more complex urban case, the intersection of two perpendicular long streets. The proposed

methodology to compute the diffusion coefficients has been proven to be a valid approach in areas where the sound

field is smoothly decaying in a predominant direction. However, the method fails when the gradient of the energy

density approaches zero. These cases are associated with areas of the domain where there is not a predominant and

unique direction of the energy flow as near the source, openings or the narrow direction of the streets. The diffusion

coefficients are found to be non-homogeneous, equivalently to the findings for long room cases (5).
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ABSTRACT 
A series of experiments used attended and unattended instruments at two primary sites: (i) adjacent to the 
A428 (a second-tier road), and (ii) adjacent to the West Coast mainline railway. These are both rural sites, so 
that the traffic / rail noise will tend to dominate even at some distance from the noise source. Various 
configurations of monitors at different distances from the noise source, on different days and for different 
times were tested, and sound measurements were integrated over 5-minute (road) or 1-minute (rail) periods. 
At each site a series of measurements were taken during July and August in two separate years, which 
included several 4-day sets, using two different types of noise meter.  
 
The underlying aim of the project was to develop a simple ‘uncertainty’ budget for the measurement of 
environmental noise. The primary interest was in determining day-to-day variation, differences between 
instruments (at the same position), and differences between measurements at different distances from the 
source. One set of experiments also tested the difference between measurement positions chosen by different 
engineers. 
 
Keywords: Environmental sound, Uncertainty 

1. INTRODUCTION 
All measurement is subject to uncertainty. The British standard requires us to “understand the uncertainty”, 

in terms of understanding the qualitative and quantitative factors affecting the outputs. ISO 17025 (1) requires 
an uncertainty evaluation for all measurements, and tasks laboratories to identify all components of variation 
and make a reasonable estimate of their uncertainty to ensure that results can be assessed fairly. A general 
discussion of these ideas is given in an earlier paper (2). Two important aspects of uncertainty are repeatability 
and reproducibility, good definitions of which can be found in (3). 

At the outset it is important to make two important points: one is that the uncertainty is a statement of the 
variability associated with measurement and is not intended as a buffer to increase or decrease the measured 
value. Although uncertainty is measured using the standard deviation (s.d.) of quantitative observations, there 
is no intention of creating confidence intervals. The second point relates to the approach taken in regular 
environmental site surveys, which are usually conducted in benign weather conditions, and at positions close 
to the noise source, so that the more deterministic corrections made for meteorological and topographical 
factors are not particularly relevant. 

2. BACKGROUND 
In preparing an uncertainty budget, one should consider all the potential sources of variation. The 

following factors can be considered stochastic (of a random nature): day-to-day variation, variation between 
operators, variation between noise meters (whether of the same or different types), and instrument 
measurement error. It is a truism that sound measurement taken on any two days will differ, so whilst a simple 
                                                        
1 J.fenlon@warwick.ac.uk 
2 bill@noise.co.uk 
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random sample may be representative, assuming it is taken on a normal (or representative) day, we do not 
know by how much it may vary from day to day. For road samples, the day-to-day variation represents not 
only the difference in traffic between days, but also differences in climatic conditions, temperature, humidity, 
etc. (4) explores this statistically by looking at historic data sets of road noise measurements taken over 
several days. The other factors reflect types of measurement error. Some of them are often not considered – 
there is a view that once a monitor has been calibrated then it should record with a very limited measurement 
error; that all instruments (when calibrated) should effectively record the same signal; and that operators 
should not make much difference! Empirical statistical studies suggest that this is far from the truth, and that 
these factors can be very important. There are further factors, often regarded as deterministic, though there 
will surely be stochastic components associated with them: meteorological conditions, choice of monitor 
position on site, distance from noise source, terrain (between monitor position and noise source), seasons or 
periods (e.g. school term or vacation), and while there are methods for dealing with these, their impact under 
‘normal’ conditions and at sites close to the noise source are likely to be swamped by the stochastic effects.  

Statistically, a random sample of days for a particular site would normally cover most uncertainties, e.g. 
different instruments, operators, weather conditions and the day-today variation itself. This must be regarded 
as the ‘gold standard’, though, it is extremely unlikely that randomized, replicated data can be practically (or 
economically) observed.  

To assess the uncertainty associated with sound measurement, some estimate of the standard deviation of 
a typical sample is necessary. This can be effected in two major ways: one is to generate a data set comprising 
a sample of days, the other is to set up some form of paired measurement experiment (see, e.g. 5). Generating 
24-hour measurements on a random set of days is unlikely to ever be practical and continuous sampling of 
contiguous days is suggested as the best alternative (e.g. by leaving a monitor in situ for several days e.g. a 
good starting point for road traffic noise would be to take a continuous 5-day sample Monday to Friday). An 
example of this use of ‘historical’ data is given in (4). The use of multiple samples (i.e. several 24-hour 
samples) allows an unbiased estimate of the standard deviation of LAEq,16h or LAEq,24h, giving a measure of 
uncertainty that incorporates primarily the day-to-day variation, though it may well include some assessment 
of meteorological variability as well as general environmental variability. Throughout, we concentrate on 
LAEq as the main focus of these investigations has been on façade design.   

A particular problem in environmental monitoring is that the formal measure of ‘day-time’ or 24-hour 
noise using LAeq,16h or LAeq,24h respectively produces a single statistic which has no corresponding standard 
deviation. This raises the question of subsampling. For rail noise, on a busy track with a regular timetable, 
we will show that this is a reasonable proposition; for road noise, however, subsampling will lead to bias 
(and therefore extra uncertainty). In the latter case, the only way of assessing ‘true’ day-to-day variation is to 
take several 24-hour samples, so that a standard deviation (s.d.) of the multiple daily means can be determined. 
Ellison et al. (3) refers to standard uncertainty as the s.d. for quantitative measurements; see also Chapter 4 
of (6). To assess uncertainty, some replication of the mean is necessary.  

Historically, measurement uncertainty has tended to focus on instrument accuracy and precision, whilst 
ignoring stochastic variation. Suppose, for example, that we were to set up a fixed monitor at a specific 
location close to some environmental noise source (e.g. a road) and measure the noise levels every day. We 
would anticipate that the profiles of any two days would not be the same; we would expect the compound 
means (LAeq,24h) to vary from day to day, with potentially different patterns on different days, in different 
seasons, and in different weather conditions. In fact, day-to-day variation is compounded of several of these 
various factors which are not easily separable. If we were to do the same exercise, but in a different way: 
sending a different engineer out each day to a specified location to make the same measurements, then we 
would introduce a whole new tranche of variation including positional variation, operator variation and 
instrument variation. Clearly, there are limitations to what can be achieved at a single observational site. For 
example, in the project reported here the rail and road sites were rural, so that sound was not blocked or 
diverted by the built environment as it would be in an urban setting. Nevertheless, the extended samples on 
the A428 have provided valuable estimates of day-to-day variation (perhaps the largest component of 
uncertainty), as has the analysis of historic data from noise.co.uk’s database (4).  

This paper describes an effort to assess that uncertainty in a series of experiments conducted in a rural 
location in central Warwickshire (UK). Over two successive years, two students supported by the Institute of 
Physics (IoP) were employed by noise.co.uk to measure traffic and rail noise at locations close to the 
company’s headquarters. In what follows we describe two approaches that noise.co.uk has taken in assessing 
uncertainty. One involved repeated 24-hour monitoring of a site on several days over a two-month period, 
the second involved a series of paired (and extended) experiments conducted during the summers of 2012 
and 2013. 
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3. EXPERIMENTS 

3.1 Experimental set-up 
A series of experiments used attended and unattended instruments at two primary sites: 

 adjacent to the A428 (a second-tier road) 
 adjacent to the West Coast mainline railway 

These are both rural sites, so that the traffic / rail noise will tend to be dominant even at some distance from 
the noise source. The approach to the road is flat, but the train line runs on an elevated section. Various 
configurations of monitors at different distances from the noise source and for different times were tested, 
and sound measurements were integrated over 5- minute (road) or 1-minute (rail) periods. At each site a 
series of measurements were taken during July and August in both 2012 and 2013. Two basic methods of 
sampling were employed: extended sampling, when monitors were left for several days adjacent to the road 
or railway track, and daytime sampling (between 0900 and 1800) when monitors were usually paired. 
Generally, groups of monitors were set up on a transect perpendicular to the road or track, at measured 
distances (usually 10, 20, 40 and 80m) from a control monitor positioned as close as possible to the sound 
source. At other times different configurations of monitors were used, e.g. paired monitors (both similar and 
different meters) at the same and different positions from the noise source. In one series of experiments, pairs 
of monitors were set up by different operators, choosing their own positions for a given location. 

It was realised quite early on that not all experiments were going to work (see next section) and there was 
an element of ad hoc sequencing of individual experiments rather than a formally structured series. One of 
the main aims of the programme was to explore the various components of uncertainty as defined above, but 
also to explore the nature of the data to see if some more general aspects of its structure could be determined. 
 

3.2 Data screening 
Not all experiments worked, in the sense that the sound profile did not look consistent (e.g. excessive spiking), 
or there appeared to be some drift in the data; alternatively, with two or more monitors the data sometimes 
appeared incompatible. The most important thing with any set of data is to visualise it as a first check of its 
validity. If downloading to Excel, this is done simply by capturing the time and LAEq and producing a simple 
time-plot or a pair of time plots. A ‘spiky’ response suggests sudden loud noise, which may be real, but can 
often be an artefact, such as a bird singing close to or perching on top of a monitor – monitors are often sited 
close to hedges! With two or more monitors, the monitors are synchronised at set-up, but there are periods 
when the data were clearly not consistent, e.g. a correlation (x-y) plot shows non-collinear data. It is usually 
advisable to ‘top-and-tail the data, i.e. remove the initial and final few observations, as they often pick up 
set-up noise. A particular problem is that outliers seriously affect the LAEq mean because of its reliance on 
exponentiation. Several of these ideas will be illustrated in the visual presentation. 

3.3 Statistical methods  
Most of the statistical methods used are fairly elementary: e.g. summary statistics, regression and analysis 

of variance, with particular analyses driven by visual interpretation of the data sets (see, e.g. 3 or 7).There 
are two primary types of data: independent sets that are to be summarised, such as day-to-day records for 
which some measure of variability is required, or series of data (usually paired, though sometimes parallel 
sets with more than two series) that can be subjected to analysis of variance methods; the second set 
comprises correlated data, i.e. data which are commensurate, such as observations taken on more than one 
monitor at the same time, monitors being co-positioned or displaced.  

In an earlier presentation (2) some simple linear models were presented in which the difference between 
pairs was examined at each time point, and those differences aggregated. An alternative approach, adopted 
here, simply determines the LAEq for the two separate series and compares them. Whilst these estimates will 
not comply with standard measures, e.g. 16 or 24h, their difference can be a reasonable measure of uncertainty. 
For the rail data one can focus on events rather than an LAeq estimate. Note that, from the point of view of 
obtaining an unbiased estimate of both mean and variation (uncertainty) the data should comprise a random 
sample of days. This is unlikely ever to be practicable, and the use of sequences of days is probably the best 
substitute.  
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4. RESULTS 

4.1 Day-to-day variation 
Some of the results for the road data have been described in some detail in (8). A set of nineteen 24-hour 

5-minute LAEq samples of the A428 taken on different days during the summers of 2018 and 2019. Two 
samples showed ‘atypical’ characteristics, and were omitted. Of the remainder, the mean LAEq,16h was 59.2 
dB(A) with a standard deviation (s.d.) of 2.44 dB(A). The ensemble of series is shown in Figure 1 with a 
heavy dark line marking the average for every 5-minute interval. 
 

 
Figure 1: Combined sound pressure level data from 17 x 24 hour samples on the A428 during July and August 
of 2012 and 2013. The variability of each sample around the overall mean (heavy line) is shown. 
 
Figure 2 shows a typical plot of integrated 1-minute sound pressure train noise (LAEq) over a 24h period for 
the section of rail line sampled. There is little traffic between midnight and 06.30, and the minimum LAEq 
noise level is slightly lower during the night, c. 35dB(A) relative to c. 40 dB(A) during the day. There are 
clearly troughs in the afternoon where the sound level is lower. Looking at the peaks there appear to be 
different levels. Although there are different train types their sound profiles are not hugely different. It was 
initially thought that the differences in sound levels were most likely to be due to (a) two trains crossing, and 
(b) a train passage intersecting two measurement periods. However, a subtler difference has also emerged, 
which appears to be due to a difference in noise levels from the ‘up’ and ‘down’ tracks. The site is elevated, 
so that such differences might be more pronounced.  

 
Figure 2: LAEq,1min observations on the West-coast main line between Coventry and 
Rugby (Warwickshire) on Sunday 15 July 2012. 
 

Trains pass along this section of track at speeds up to 200 kph. At such speeds, passage times are relatively 
short with a triangular profile (9). Using 1- minute time intervals individual trains can effectively be identified. 
This gives the possibility of considering train noise as a simple bi-modal response, i.e. a train event or not, 
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rather than averaging over the complete set of observations. Figure 3 shows a histogram of the 1-minute 
measurements for 24 hours (14 July 2012). The plot is clearly bi-modal – one might claim multi-modal – 
although the twin-peak model will suffice.  

 
Figure 3: Histogram of 1-minute data for 15-July 2012 @ 10m 

 
The distribution centred around 50 dB represents the background noise and comprises about 80% of the 

measurements, while the shallower peak (close to 70dB) with a much wider distribution represents train noise. 
Two approximate normal distributions are superimposed on the Figure to demonstrate the distinct nature of 
the two noise components, which separate almost exactly. Figures 2 and 3 are typical of the measurements 
taken over the dozen or so full 24 hour measurements taken over the two sample years. This ‘neat’ separation 
might not be expected in suburban or urban locations where other noise interference might be anticipated.  

There is clearly some periodicity in the data in Figure 1, and analysis of several consecutive 1-hr or 2-hr 
samples taken on different days suggests that the difference between days is relatively small. For sound 
measurement close to busy rail lines where a regular, repeating timetable is in place (as here), sub-sampling 
may be appropriate as a proxy for full 16-hour sampling. Figure 4 illustrates four consecutive 2-hour profiles 
from Figure 1, clearly demonstrating the similarities between the different samples, but also showing the 
quite distinct differentiation between the noise of passing trains and the background ambient noise.  

 
Figure 4: Four consecutive 2-hour profiles from Figure 1. 

 
Extracting the values above 60 db(A) in Figure 4 (essentially the peaks) and integrating them (i.e. forming 
the log-exponential mean) for the four 2-hour sequences gives LAEq values of 80.1, 81.2, 81.1 and 81.2 
(s.d.=0.535), demonstrating the potential effectiveness of subsampling. The corresponding LAEq,2hr values 
were 72.8, 77.1, 77.1, 77.0 (s.d.=3.257). In a set of data run through a week in July 2013, a set of 25 
consecutive 2-hour samples had a s.d. of 0.905. A more extended set of 29 2-hour samples values in 2012 
had an s.d. of 2.674. 
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4.2 Observations at different distances 
Various experiments were set up in 2012 and 2013 with instruments simultaneously at distances of 10, 20, 

40 and 80m from the target road or rail track. Figure 5 shows a plot of simultaneous measurements at 10, 20 
and 80 m from the railway track. The three plots are superimposed, showing the decline in sound level moving 
away from the track. Note that this decline only holds for train noise data; the background or baseline data 
(in the absence of train movement) is much the same for all three distances, as might be expected. The 
LAEq,1000-2000 values are 62.3 dB(A) at 10m, 60.3 at 20m and 53.0 at 80m. Given the differences between the 
distances we would (theoretically) anticipate a difference of 3 dB(A) between profiles at double distance, so 
3 dB(A) from 10 to 20m, and 6 dB(A) between 20 and 80m. Superimposed time-series plots, and simple 
scatter-plots are very helpful in validating (checking) the data. An example using three monitors at 20, 40 
and 80m from the A428 road is shown in Figure 6. Here, the LAEq,16h values are, respectively, 53.0, 51.1 and 
49.8 dB(A), the differences between them being somewhat less than the theoretical differences. Considerable 
variation was noted on different days, and there was a tendency for samples at 80m or more from the target 
to be more diffuse, an observation noted in correlation plots. 
 

 
Figure 5: Simultaneous measures at 10, 20 and 80m from West Coast railway on 15 July 2012 

 
 

 
Figure 6: Superimposed plots of 24-hour 5-minute LAEq data for three monitors at 20, 40 
and 80m from the A428 (Saturday 11 August 2012) 
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4.3 Between instrument comparisons 
In the 2013 series of experiments, identical instruments (a pair of 360s or a pair of 140s) were set up alongside 
each other at distances of 10m, 20m, 40m and 80m from the Control point. The comparison of any pair was 
done on the same day, generally between 09:30 and 17:00, though distance comparisons were staged through 
the programme. On occasions the two sets of data do not match, in which case the data are simply discarded. 
Various tests were also undertaken to compare different instruments. The method of analysis for these data 
conforms to Model (1) of (3); the ‘average’ estimate of instrument error according to the model was close to 
0.5 dB, and there was not much evidence of significant differences between instruments, so the value above 
represents a generic instrument error, a measure of repeatability as suggested above. Model (1) compares 
almost exactly with the difference between estimates of LAEq,t, where t represents the period of measurement: 
58.8 and 59.3 respectively for Instruments 1 and 2. 

 
Figure 7: Profiles of two identical meters placed together at 10m 
from the A428 (25 July 2013) 

4.4 Operator variation 
In another suite of experiments there were 11 pairs of data associated with the six engineers’ instructions 

at the two sites. As for the instrument comparisons, the data here consist of sets of paired observations from 
the two instruments, but we may think of the errors in Model (1) relating to a compound uncertainty 
comprising both instrument and operator error. If we assume the instrument errors to be 0.5 dB (as above) 
then the operator error is of the order of 1.0 dB(A). 

5. DISCUSSION 
Suppose that we were to set up a fixed monitor at a specific location close to some environmental noise 
source (e.g. a road) and measure the noise levels every day. We would anticipate that no two days’ profiles 
would be the same, and we would expect the compound means (LAeq,24h) to vary from day to day, with 
potentially different patterns on different days, in different seasons, and in different weather conditions. In 
fact, day-to-day variation is compounded of several of these various factors which are not easily separable. 
If we were to do the same exercise, but in a different way: sending a different engineer out each day to a 
specified location to make the same measurements, then we would introduce a whole new tranche of variation 
including positional variation, operator variation and instrument variation. So that, day-to-day variation is 
compounded of several factors that are not easily separable. The suite of experiments described here allow 
us to consider different ‘components’ of the variation. Some of these ‘components of variation’ can be 
distilled from multiple sets of observations with a particular type of linear model, but there are limitations to 
what can be achieved at a single observational site. For example, in the project reported here the rail and road 
sites were rural, so that sound was not blocked or diverted by the built environment as it would be in an urban 
setting. Nevertheless, the extended samples on the A428 have provided valuable estimates of day-to-day 
variation (perhaps the largest component of uncertainty), as has the analysis of historic data from 
noise.co.uk’s database (4).  

6. CONCLUSIONS 
In conclusion, the estimated overall uncertainty associated with an LAEq,16h road noise is around 2.5 dB, and 
similarly that for the uncertainty associated with train event measurement is of the same order. Measures of 
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instrument to instrument variation are generally lower and not necessarily dissimilar for different instrument 
types. However, there do appear to be occasional marked, unexplainable differences. In the tests reported 
here, operator effects were generally quite limited although it is often difficult to separate operator and 
instrument effects. Positional effects for road noise were not too dissimilar from the deterministic adjustments 
frequently made, i.e. 3 dB for distance doubling, though this did not appear to be the case for train events at 
the site reported on here. This could well be due to the fact that the track is at an elevated position relative to 
the measuring instruments. Finally, it should be remembered that components of variation are additive in 
quadrature, so that an uncertainty of 2 contributes four times the variation of an uncertainty of 1. It also means 
that an overall large uncertainty is not much affected by smaller components of variance. 
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Model test stand for acoustic scattering
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Abstract
SCATTERING, DIFFRACTION and REFLECTION at an acoustical hard or soft obstacles affect the sound field in
propagation. The scattering of sound waves on an acoustical hard cylinder was calculated analytically using
a harmonic development according to Bessel functions, simulated with the finite element method (FEM) and
measured in the Laboratory for Acoustic Modeling on a scaled level. A good agreement between all three
results was found. Similarly, the diffraction of a sound pulse at an edge was analytically calculated using the
theory of Biot, Tolstoy and Medwin (BTM) and simulated with an FEM model. These simulations and the
room impulse response measured in the Laboratory also agree satisfactorily. For further measurements, the new
Acoustic Scattering Model Test Stand (MPaS) can be used also for objects or sets of objects which no longer
can be described analytically in an easy way. Likewise, measurements at diffraction edges and reflection planes
are feasible. These can be compared with analytical solutions or at least with FEM simulations. Thus, the MPaS
test stand provides an important tool for modeling the propagation of a sound field over obstacles, which makes
it possible to construct e. g. optimized noise barrier attachments for roads in the future.
Keywords: Scattering, Diffraction, Biot-Tolstoy-Medwin, Simulation, Measurements

1 INTRODUCTION
Scattering, diffraction and reflection on acoustical hard or soft obstacles affect the sound field in propagation.
In this contribution the attempt is done to minimize the diffraction at the edge of a noise screen with the help
of a special attachment, consisting of cylindrical scatters parallel to the edge.
After the description of scattering from one cylinder, and diffraction at an edge, considerations from the topic
of acoustic crystals and refraction where taken to induce an optimization. After the calculation with the
Finite–Element–Method (FEM) a model was measured at the model test stand for acoustic scattering (Modell–
Prüftstand für akustische Streuung, MPaS) in the laboratory for acoustic model engineering (Halle für akustische
Modelltechnik, HaMt).

2 SCATTERING AT A CYLINDER
2.1 Theory
It is possible to evaluate scattering at a cylinder analytically [1], [2].
For the cylindrical sound field the scattered pressure field is the sum of BESSEL functions J and HANKEL
functions of the second kind H(2)

ps (rφ) = P′0
∞

∑
m=0

A′mδmJm (krQ)H(2)
m (kr)cos(mφ) (1)

with
— P′0, source strength per unit length,
— k, wave index k,
— rQ, radial distance to source rQ,
— x, distance x–direction x = r cosφ (with radial distance, r, and angle towards x–axis), φ , and

— δm =

{
1; m = 0
2; m > 0 .
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The coefficiens A′m are calculated from the ones of the scattering field with plan waves Am

A′m =
H(2)

m (krQ)

Jm (krQ)
i−mAm. (2)

For an acoustically hard cylinder with radius a the coeffiziens Am are

Am =−im+1e−iγm sin(γm) . (3)

Here γm is the phase angle

γm = arctan
(

Nm+1 (ka)−Nm−1 (ka)
Jm+1 (ka)− Jm−1 (ka)

)
. (4)

2.2 FEM simulation
Scattering of acoustic harmonic waves at an acoustically hard cylinder were calculated analytically by expanding
of BESSEL functions, simulated with a FEM model and measures in the HaMt.
The FEM model used was three dimensional but flat (s. Figure 1, left). In the right side of Figure 1 the total

(a) FEM model and ... (b) ... total field.

Figure 1. Geometry of the used FEM model and total field of the scattering at an acoustically hard cylinder.

field of a plane wave with incident from the left is shown. From this the scattering field can be calculated.

2.3 Measurement
The measurement were taken at a hollow polycarbonate cylinder, 1 m long. The outer radius was 2 cm. The
measurements were conducted with a two channel FFT measuring system. With this the transfer functions —
and through Fourier transform (FFT) — the frequency spectra were measured (s. Figure 2, left).
On the right side of Figure 2 the results of the analytically calculation, the FEM simulation and the measure-
ments in the HaMt for a frequency of 13.5 kHz (parameter ka = 5) are shown. All results are in a good
agreement, but the measurements for large angles above ±60◦.
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(a) Two channel FFT measurements — principal figure. (b) Scattering at an acoustically hard cylin-
der — Comparison of theory, simulation
(ANSYS) and measurements (HaMt).

Figure 2. Principle of measurements and results for scattering.

3 DIFFRACTION AT AN EDGE
3.1 Theory
KIRCHHOFF integral
Diffraction at an edge is typically solved for harmonic waves. The calculation of diffraction is done with the
KIRSCHHOFF diffraction integral

uP =−aQ ·
ik
2π

∫ ∫ ei k(r+r0)

r · r0

[
cosθ − cosθ0

2

]
dσ (5)

with
— aQ, amplitude of the source,
— k = 2π/λ , absolute value of the wave vector,
— λ , wave length and
— (cosθ − cosθ0)/2, slope factor.

The integral is to be taken over the area of the opening of the blind. The angles θ and θ0 are situated between
the outer normal of the area of the opening and the line from the receiving point P with length r and between
the line from the source point Q with length r0 to the opening respectively.
For a divergent point source the FRESNEL diffraction integral is

uP = A · (C+ iS) (6)

with
— A =−aQ · ik

2π
cosδ

ei k(r+r0)

r·r0
,

— C =
∫ ∫

cos(k ·Φ(ξ ,η))dξ dη and
— S =

∫ ∫
sin(k ·Φ(ξ ,η))dξ dη .

The angle δ is situated between the connection line from source point, Q, to receiving point, P, and the normal
vector of the blind opening.
In the case, the integration area is a paraxial rectangle the integration variables can be separated. Here the
FRESNEL integrals appear

U(w) =
∫ w

0
cos
(

π

2
u2
)

du, (7)
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V (w) =
∫ w

0
sin
(

π

2
u2
)

du. (8)

They can be calculated numerically.

BIOT–TOLSTOY–MEDWIN

There is also an alternative way for calculating the diffraction from an edge. In the theory of BIOT–TOLSTOY–
MEDWIN (BTM) [3] the impulse response (IR) for a geometrical configuration of obstacles is calculated. For
this task the normal co-ordinates of the LAGRANGE formalism of the classical mechanic is used. The result
are transient functions in time. We can calculate the diffraction at a wedge which can be specialised to the
diffraction of an edge easily.
The temporal sequence of the sound pressure coming from a point source is [4]

p(t) =− Sρc
8πΘW

· 1
rSrR sinh(η)

·
4

∑
i=1

βi (9)

with
— S, source strength (volume per time) flow staring at time t = 0; correspondent to a DIRAC delta

function,
— ρ , density of the media (air),
— c, sound velocity (in air),
— ΘW , edge angle,
— rS, radial co-ordinate of the source,
— rR, radial co-ordinate of the receiver,
— η , auxiliary quantity and
— βi, absolute vales of the four angles.

The auxiliary quantity η consists of the geometry of the wedge

η = cosh−1

[
c2t2−

(
r2

S + r2
R + z2

R
)

2rSrR

]
(10)

with the distance between source and receiver along the edge, zR (here we set zR = 0).
The contribution of the four angles φi = π ±ΘS ±ΘR (with signs ++ : i = 1, +− : i = 2, −+ : i = 3 and
−− : i = 4) are

βi =
sin(νφi)

cosh(νη)− cos(νφi)
(11)

with the wedge index, ν = π/ΘW .
In Figure 3 the sound pressure for six angles of radiation β (definition see below) with dependency of time is
shown.
For positive angles of radiation the sound pressure is positive, but decreasing with increasing angle of radiation.
For negative angles of radiation the sound pressure is also negative, and also decreasing with increasing angle
of radiation. At β = 0◦ the sound pressure is at least positive.

3.2 FEM simulation
In time domain FEM calculations are conducted. The model was three dimensional but flat and consists of about
1 mio. elements and 212 time steps. Die element length was 1 mm, the length of each time step 1,417 µs. In
Figure 4 the sound field after 1,427 ms is shown.
At time t = 0 s an delta double impulse was created at the source point S1 (see below).
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Figure 3. Diffraction at a reflection halve plane.

(a) Without ... (b) ... and with edge.

Figure 4. Sound field after 1.427 ms.

4 Model for an added device
4.1 Geometry
The model geometry of source, wall and receiver is taken from the norm draft for in situ measurements of
sound diffraction [5]. Here we uses the low source position S1 which is 2.00 m in front of the reference plan
of the wall (center line) and 0.50 m below the top edge. For a standard wall, 4.00 m high, the source position
is 14.00 m in front of the wall, 0.50 m above the road surface. For the receiver the middle microphone position
M3 is used which is 2.00 m behind the reference plan in the height of the top edge. In Figure 5 a sketch of
use geometry is shown.
The incidence angle of the sound relative to the normal vector of the wall is α = 14◦.
If some scattering bodies are forming a periodic grad, methods of solid state physics are applicable. Here the
scattering bodies are cylinders, arranged in parallel to the top edge of tghe wall, forming a two dimensional
crystal.
Constructive interference occur at reflections on a crystal at the BRAGG condition

mλ = 2d sin(θ) (12)

with
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Figure 5. Geometry of source, wall and receiver.

— m , order of the reflection,
— λ , wave length,
— d, distance between two grid planes and
— θ , BRAGG angle.

For a square grid the grid constant L the 1st order of reflection occurs at a BRAGG angle of θ = 90◦ (perpen-
dicular sound incidence, crystallographic direction ΓX) at the fundamental BRAGG resonance frequency

fΓX =
c

2λ
(13)

with sound velocity, c (= λ f ).
At the fundamental BRAGG resonance frequency the transition through the crystal is small, it has got a high
sound insulation. There is good sound transition at three times the fundamental BRAGG resonance frequency.
At this frequency the reflection is small [7].
Die Idea is to cause a sound deceleration in this frequency range. Then an destructive interference between the
sound diffracted over the crystal and the sound transmitting through the crystal will take place.
For this reason we firstly calculate the refraction index of the crystal n, depending of the filling fraction [8]

n =

√
1+

π

2

( r
d

)2
(14)

with the radius of the cylinder, r.
Destructive interference occurs at a difference in path length of λ/2. The necessary width of the crystall B is
therefore

B = λ · 1
2(n−1)

. (15)

A deflection of the sound ray can be achieved by a suitable form of the crystal. At a prismatic form the angle
of the refraction edge, θ , can be calculated in dependence of the incident angle, α , and the refraction index, n

n =
sin
(

α+θ

2

)
sin
(

θ

2

) . (16)

The Idea of an added device with cylinders forming a crystal was realised at the MPaS. Tubes of aluminium
with a length of 1 m an a radius of r = 3 mm are forming a square grid with a grid constant of d = 7 mm.
The BRAGG frequency is fΓX = 24 kHz with a wave length of λ = 14 mm. The refraction index for this
arrangement is n = 1.135 (14). The calculated width is B = 52 mm (15) resulting of a horizontal number of 7
to 8 cylinders. To make sure the added device is “visible”, a minimum height of several wavelength is required.
With a vertical number 4 cylinders the height is 2λ . From the prism equation, (16), the optimum angle for the
prism is θ = 81◦. For a square crystal this is almost fulfilled.
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4.2 Measurements at the model stand
In Figure 6 the MPaS with the added device is shown. On the left a 4–PI loud speaker can be seen — a ribbon
tweeter with a Frequency range of 2 kHz to 40 kHz. On the right a 1/4” microphone fixed at the turning table
is visible.

Figure 6. MPaS with added device.

The microphone is turning centrically in steps of 14◦ around the edge of the wooden plate. The shadow boarder
is defined at an angle of β = 0◦. For higher angles the microphone is in the shadow, at lower —respectfully at
angles above 360◦ — there is a visible relation between loud speaker an microphone.

4.3 Results and discussion
The sound diffraction at the edge of a wall can be calculated for different radiation angles β as a function of
frequency. In Figure 7, on the left, the sound level degression as a function of the logarithm of the frequency
is shown. Measurements are in solid lines, FEM simulations at a 20 mm thick wall in circles and a calculation
at a non reflecting halve plane dashed.

(a) Diffraction at an edge. Measured (solid line), simulated
(circles) and calculated (dashed).

(b) Measured sound level difference added between added
device and edge.

Figure 7. Diffraction at a pure edge and difference between device and edge.

The conformity of measurements and calculations is satisfying. At the shadow boarder at β = 0◦ the sound
insulation is dL = 6 dB as expected. At higher angles — above the shadow zone — the sound insulation of
the wall gets lost. A characteristic wave figure around sound difference of 0 dB can be seen. At lower angles
— in the shadow zone — the sound insulation is increasing. The efficiency for higher frequencies is increasing
rapidly — about 10 dB per octave.
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In Figure 7, on the right, the measured sound level difference between wall with added device and wall without
added device is drawn for frequencies of 2 kHz to 36 kHz.
The geometry of the added device is drawn as a cross section. In this case the added device consists of 28
cylinders.
The acoustical effectiveness begins at about 10 kHz. At an angle of β = 0◦ the increase in level is less than
2 dB at about 4 to 7 kHz. But the collapse is up to 18 dB at about ca. 20 kHz. At larger angles, i. e. in
the shadow zone, an increase in level of about 6 dB is noticeably, but the collapse is at least as strong as for
the horizontal radiation angle. For β =−28◦ it is even more significant. At the shadow boarder at β = 14◦ no
increase in level takes place. But the collapse is about 10 dB less. For even higher sound rays (β = 28◦) the
level difference is very small.
For an optimised shielding effect of sound emissions from roads a scale of 1:10 to 1:16 is required.
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ABSTRACT 
In many outdoor acoustic applications, the propagation channel can be modeled as a transfer function. For 
propagation above a flat ground, the environmental conditions vary, and a representative data base of transfer 
functions is needed. This study addresses the challenges of forming such a general data base. It uses a 
three-dimensional, Finite-Difference, Time-Domain (FDTD) model for propagating a reference wideband 
signal up to 250 m above a finite-impedance ground, over a range of wind strengths and directions, with 
consistent turbulence fluctuations. The database provides the amplitude and phase of the transfer function at 
fine spectral resolution. The sensitivity of the transfer functions to the various environmental parameters is 
analyzed. The present database can be used to readily connect any near-field signature to its propagated 
counterpart, in a variety of open, flat environments. The signatures of an illustrative impulse sound at 200 m 
in the various considered environments reproduce the large expected modulations and randomization due to 
the ground, atmospheric stratification and turbulence. The database can easily be enlarged to other 
environmental conditions with further computational resources. 
 
Keywords: Propagation, Outdoors, Simulation 

1. INTRODUCTION 
Outdoor acoustics has an extensive scope of applications. In source sensing, the sound is used to 

extract information on the emitting source (e.g. vehicle tracking, explosion localization etc.). In these 
applications, knowledge is required of the relationship between the signature emitted at a source, and 
the signature received at a sensor or a sensors’ array. By extension, noise monitoring applications (for 
industries, transports, entertainment, etc.) regard the human ear as sensor and the received sound as an 
annoyance. Last, outdoor acoustics intervenes in environmental remote sensing. The 
environment-induced alterations of a (known) source sound are then used to characterize the 
environment. 

How does the environment alter a source sound to form the acoustic signature at the receiver? 
Formally, this issue can be assessed in the temporal or spectral domains, respectively with a 
convolution by the environment impulse response, or a multiplication by the environment transfer 
function. In simple environments, analytical solutions exist. In realistic outdoor environments, 
complex (e.g. 3D) propagation effects take place, and numerical solvers of sound propagation can 
calculate the transfer function of a perfectly known environment. 

The key challenge is the computation of the transfer function in the general case. Indeed, the 
function dramatically depends on the environment – which changes with place and time (if only due to 
weather), and is never perfectly known. One thus needs to calculate a database of transfer functions, 
which spans over all considered environmental parameters, and to the best of knowledge.  

Numerical approaches have been proposed for propagation in many weather conditions, for average 
sound level predictions in open, ground-to-ground propagation scenarii. These approaches focus on 
the amplitude of the transfer function, averaged over relatively large frequency bands. For impulse 
sounds, however, the phase of the transfer function is also required, on fine frequency bands. Besides, 
because it is a heavy challenge, the description of the atmospheric turbulence is often limited to a 
simple threshold parameterization. The oversimplification of turbulence effects may lead to biased 
estimates of the instantaneous and average noise level predictions (Cheinet, 2012), and biased and/or 
randomized sensing performance of impulse sounds (e.g. Cheinet et al. (2018).  
                                                        
1 sylvain.cheinet@isl.eu 
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The present paper follow the same strategy of investigating a variety of near-surface atmospheric 
conditions, within a ground-to-ground propagation scenario. It is meant to illustrate that overcoming 
the above limitations becomes possible with present-day knowledge and resources. Specifically, it 
demonstrates that one can form a database of transfer functions (1) including the amplitude and phase 
information, (2) with explicit description of the ground and atmospheric effects (including turbulence). 
It illustrates some salient results of such a database. 

The paper is composed as follows. Section 2 presents the sound propagation scenario and numerical 
models used for the calculations. Section 3 illustrates the calculated transfer functions and 
subsequently predicted sound signatures. Section 4 gives a conclusion.  

2. NUMERICAL MODELING APPROACH 

2.1 Overall scenario 
The following scenario is hereafter considered, which is inspired from the ADVISE experiment 

(Atmospheric-Driven Variability of Impulse Sounds Experiment, Cheinet et al., 2018). A near-surface 
sound source (1.75 m height) emits a known sound, in the frequency range from 20 to 1250 Hz 
(wavelengths from 0.27 m to 17 m). The signature is desired at ranges up to 250 m – which implies 
atmospheric heights of relevance to sound propagation up to 25 m. The ground is composed of long 
grass. This scenario is rather simple, in that the source is punctual and omnidirectional, with no 
non-linear propagation effects. Besides, the environment is flat and open, e.g. there are no obstacles 
which could alter the acoustic or atmospheric fields.  Last, at the considered ranges and frequencies, 
gaseous absorption of sound is negligible compared to other propagation effects, and is ignored. 

2.2 Sound propagation model 
The sound propagation model used in this study is a Finite-Difference, Time-Domain (FDTD) 

solution of the Linearized Euler Equations. The studies of Cheinet et al. (2012) and Ehrhardt et al. 
(2013) have demonstrated the relevance of this solution for sound propagation modeling through 
complex atmosphere and turbulence. An extensive description of the present FDTD model is given in 
Cosnefroy (2019); the set-up used in this study is now discussed. 

- The model uses a Cartesian grid of resolution 5 cm, with a 13-points interpolation scheme in 
space. The spatial resolution used (0.2 times the smallest source wavelength) provides a major 
computational gain compared to previous versions of the model. 

- The calculation is made for a moving window for each selected propagation direction. The 
window volume has 768 points (38.4 m width) x 512 points (25.6 m height) x 512 points (25.6 
m depth). There are 7500 time-step iterations, with a Courant number of approximately 0.7, so 
the maximal range exceeds 260 m. Figure 1 sketches the computational approach. 

- The lateral and top boundaries are modeled with perfectly matched layers (PMLs). The PML 
parameterization is optimized for absorption at grazing angles, a fter Cosnefroy et al. (2019). 
The front and back boundaries of the moving window also use PMLs. 

- The source is taken to be a derivative-of-Gaussian pulse. It is implemented as an isotropic 
spatial distribution of the acoustic pressure, with full-width at half maximum 10 times the 
resolution. 

 
Figure 1 – Sketch of the computational approach. The acoustic signal propagating in the selected 

direction toward virtual receivers is numerically resolved within the moving computational window.  

3789



 

 

2.3 Environmental model  
In the model, the environmental conditions respectively appear through the boundary conditions at 

the bottom layer (ground) and inside the model domain (atmosphere). The ground is assumed not to 
vary from simulation to simulation, and is taken to be horizontally homogeneous. After Cosnefroy 
(2019), it is modeled with a reflexion coefficient, with physical parameters fitted to the ADVISE 
measurements. Model-wise, the complex frequency dependence of the reflexion coefficient is 
approximated with a rational expansion, which allows for an efficient implementation with auxiliary 
differential equations in the FDTD model.  

The 3D atmosphere (wind, temperature) directly enters into the Linearized Euler Equations. An 
appropriate first-order model is a superposition of a mean vertical stratification (horizontal wind, 
temperature), and homogeneous and isotropic turbulence fluctuations. The parameterization of both 
aspects combines the approaches of Cheinet (2012) and Cheinet et al. (2012), and is now recalled. 

In the considered scenario, the atmospheric heights of relevance pertain to the surface layer, where 
the Monin-Obukhov Similarity Theory (MOST) generally holds. Accordingly, the stratification in 
mean horizontal wind and temperature is modeled with MOST relationships, with a buoyancy forcing 
of 0.01 mK/s, a temperature of 283 K at 2 m height, and a roughness length of 0.005 m. The friction 
velocity is given three values: 0.15 m/s, 0.3 m/s and 0.6 m/s, to model low, moderate and strong winds. 
The mean horizontal wind is assumed not to turn with height. The azimuthal angle between the mean 
horizontal wind and the acoustic propagation direction is given three representative values: downwind, 
crosswind and upwind propagation.  

A turbulence model is used to generate random realizations of 3D wind velocity fluctuations. The 
selected von Karman spectrum has parameters (intensity, length scale) calculated with the MOST 
parameters above – whereby a consistent prescription of the turbulence and stratification. For each set 
of MOST parameters, a Monte Carlo approach is adopted with 30 turbulence realizations. An 
additional simulation with no turbulence is also performed. The temperature turbulence is ignored, as 
it usually has a lesser effect than wind turbulence. Since the turbulence realizations are uncorrelated, 
the temporal coherence of the atmospheric field (and of the propagated acoustic field) is ignored. 

Overall, the database includes 3 wind forcings, 3 directions, 30+1 turbulence realizations, which 
gives 279 simulations. The calculations are run on a high performance computational cluster, with a 
massively parallel interface programming. For each simulation, the pressure time series at many, 
predefined receiver positions are stored in the database. Once this computational effort is carried out, 
the database takes the form of a lookup table, which provides the transfer function, for each simulation 
and each receiver’s position.  

3. RESULTS 

3.1 Transfer functions 
We start the analysis with a discussion based on the transfer function amplitude. Figure 2 shows the 

environmental gain (in dB) with frequency, obtained at 200 m and at a height of 1.75 m. The spherical 
spreading is compensated, so with no ground, the gain would be zero (dashed line), and with 
constructive interferences above a perfectly reflective ground, the gain would be + 6 dB.  

The case which minimizes the atmospheric effects has low wind, crosswind propagation, with no 
turbulence (panel d). The departure from the no-ground case reveals the impact of the ground: 
increased lower frequencies, with a dip at 250 Hz and larger frequencies. Turbulence tends to 
randomize the gain compared to the no-turbulence case - a process called scintillation. The 
scintillation rate increases with frequency. The crosswind, no-turbulence simulations remain virtually 
unchanged as the wind increases, as the mean wind projection is nulled in crosswind propagation. On 
the other hand, an enhanced wind implies an enhanced turbulence (by virtue of MOST relationships), 
which in turn implies more scintillation. Hence, the wind increase has the indirect effect of increasing 
the crosswind scintillation. The obtained result also illustrates the importance of a quantitative 
description of atmospheric turbulence, if one is to consider the variability of the pressure field. 

In a general sense, the downwind direction features an increase of the highest frequencies, with a 
slightly more pronounced dip around 200 Hz. Both effects increase with the wind strength. Given the 
modest solar forcing, the downwind propagation essentially stands for downward refraction, which 
causes the noted features. Upwind propagation leads to upward refraction, with opposed effects. 

The simulations with no turbulence ignore scintillation. Still, they provide a viable model of the 
mean gain with turbulence, in configurations outside a shadow zone (downwind, crosswind, upwind 

3790



 

 

with low wind). However, as the wind becomes non negligible, the no-turbulence simulation gain 
undergoes a dramatic loss at high frequencies in the upwind case. Conversely, the simulations with 
turbulence feature a plateau between -25 to -20 dB. Hence, in such shadow zones, the no-turbulence 
prediction becomes a poor estimator of the expected gain.  

Qualitatively, the above effects are known. Their quantitative capturing in a systematic set of 3D 
FDTD simulations appears to be original. Indeed, the present approach makes far less approximations 
than, e.g., the study by Cheinet (2012). Among others, his parabolic equation approach (like many 
others) has a limited frequency range. It is solved on a 2D (range, height) domain, while the 
transposition to 3D is not trivial in presence of turbulence. The solved stochastic equation makes use 
of the Markov approximation. None of these assumptions is required in the present 3D FDTD 
approach. 

 
Figure 2 – Environmental gain (in dB, taken as 20 Log10(AFDTD/AFF), with AFDTD the amplitude of the 

transfer function simulated with the environment, and AFF the amplitude of the free field transfer 
function), with varying wind directions and strengths, at range 200 m and height 2 m. The dotted line 
is in free-field, the red line is without turbulence, the blue lines show 10 simulations with turbulence. 

 

3.2 Propagated signatures of arbitrary sounds  
The above section considered the amplitude of the transfer function. The phase of the transfer 

function further carries further time-domain information. Combining the two, one can readily derive 
the time-domain signature at any receiver’s position, for any desired source signal and scenario (Sec. 
1). A refinement is introduced for a more stable calculation of the transfer function at low frequencies 
(Cosnefroy, 2019). 

As an example, the source signal is taken as the loudspeaker impulse sound measured in Cheinet et 
al. (2018). The near-field signature spans over the spectral range 150 – 1100 Hz, within the frequency 
range under scope with the formed database. Figure 3 shows the derived signatures at 200 m, for the 
moderate wind case, in the upwind and downwind directions.  

The sound convection by the mean wind explains the shorter times-of-arrival in the downwind 
propagation, compared to upwind. At 200 m, the fluctuations in time-of-arrival are smaller than the 
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duration of the first peak. As a result, the wander of the pulses in presence of turbulence is not too 
marked. Larger ranges may lead to larger wander. In the downwind direction, the pressure peak 
typically reaches 0.15 Pa. The upwind peak is of the order of 0.005 Pa. Thus, the overall  effect of a 
changing wind direction induces a difference of 30 dB in the peak pressure at 200 m. This can be 
understood in light of the +6 dB versus -20 to -25 dB amplitude gains noted downwind versus upwind.  

Downwind, the signatures are dominantly driven by the deterministic mean downward refraction. 
Thus, the downwind signature prediction without turbulence is rather representative of the averaged 
signatures with turbulence. The scatter due to turbulence is of several dB, still. Conversely, the 
deterministic contribution of mean refraction is a poor estimator of the transfer functions in the upwind 
propagation case (see above). Hence, the predicted signature without turbulence is poorly informative 
of the upwind signatures with turbulence. For example, there is a 12 dB difference between the peak of 
the no-turbulence pressure time series, and the largest peak obtained among the simulations with 
turbulence (not shown here). The turbulence results also feature notably more high-frequency 
oscillations than the result without turbulence. The impact of such differences is major for applications 
like (impulse) noise pollution or source classification. 

 
Figure 3 – Acoustic signatures derived from the database for an impulse sound at range 200 m. The red 

line is without turbulence, the blue lines show 10 simulations with turbulence. 

4. Conclusions 
Many, if not all, applications of outdoor acoustics require the relationship between a near -field 

source signature, and the signature received at distant receivers. Forming databases of such transfer 
functions for representative outdoor conditions has been investigated for decades. Previous proposals 
in this line focus on the ground and meteorological effects, in a ground-to-ground propagation scenario. 
They generally suffer from limitations, such as missing information on the time-domain content of the 
propagated signal, missing information due to averaging over frequency bands,  or absence of 
significant propagation effects due to turbulence (scintillation, and scattering in shadow zones).  

The present paper pursues the strategy of spanning over a representative variety of environmental 
conditions in a ground-to-ground propagation scenario. It demonstrates that one can form a database of 
complex transfer functions with explicit description of the turbulence effects.  To this purpose, the 
environmental conditions are consistently modeled, with physical descriptions of the ground reflexion, 
meteorological gradients and 3D wind turbulence. The source sound is propagated with a 3D FDTD 
model which correctly predicts sound propagation in presence of complex ground and atmospheric 
effects.   

The formed database provides the complex transfer function at ranges up to 250 m, over 1 ground 
type, 3 wind strengths, 3 wind directions, without and with turbulence (30 realizations). It can be used 
to readily derive the signature at a distant receiver, for any desired source signal within the frequency 
range of relevance. Analysis reveals the major effects of the environment (including turbulence) on an 
exemplary impulse sound.  

Now that the transfer functions database is formed, it can be applied to analyze other source signals, 
and the signals at other receiver’s ranges and heights, at no additional computational expense. This 
opportunity appears to be original and of notable practical significance. In effect, it implies that the 
present database can cover, or give a good approximation, of a very large number of propagation 
scenarii in open, flat environments.  
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There are some assumptions in the present approach, which may require careful considerations if to 
be revised: punctual and omnidirectional source, applicability of MOST and of the selected model of 
turbulence, flat and horizontally homogeneous ground etc. On the other hand, the present database 
could readily include other parameters of sensitivity, e.g. the buoyancy forcing (due to e.g. surface 
heat fluxes), the ground type or the source height. Adaptations of the source, model domain and 
resolution would also extend the frequencies and ranges of interest. Such extensions raise no other 
challenge than the available power for computation.  
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ABSTRACT 
Engineering models for environmental noise are developed in many countries under different backgrounds. 
Such differences make each model have different characteristics. In European countries, comparative 
studies have been carried out to illustrate the characteristics of models such as Nord2000, Harmonoise and 
CNOSSOS-EU. However, comparison of the Japanese road traffic noise model, ASJ RTN-Model 2013, to 
another model has seldom been made. This is probably because the ASJ model uses A-weighted levels 
throughout the calculation process, unlike European models that use either octave-band or 
one-third-octave-band levels. In this study, a methodology to derive consistent quantities between the ASJ 
model and the European Harmonoise model is established. The methodology is applied to thick barrier test 
cases that are included in a Harmonoise deliverable. At the same time, finite-difference time-domain 
simulations are carried out to obtain reference solutions. A-weighted source power levels between the two 
models are found to be larger for the light vehicle of the ASJ model. Comparison between each model and 
the reference solutions weighted by each source spectrum agree well for both models. The final A-weighted 
levels obtained by both models agree within a 2 dB difference. 
 
Keywords: Source power spectrum, Source directivity, Diffraction model 

1. INTRODUCTION 
Engineering models for environmental noise have been developed in many countries under 

different backgrounds. Such differences make each model have different characteristics. In European 
countries, comparative studies have been carried out in open literature to illustrate the characteristics 
of models such as Nord2000 (1), Harmonoise (2) and CNOSSOS-EU (3). By taking various forms of 
critical reviews (4, 5) and demonstrative approaches (6, 7, 8, 9), those studies provide insights about 
the direction towards which a new model should be developed, and thorough validations of a newly 
developed model. In Japan, there has been revisions of a road traffic noise model since 1975, called 
ASJ Road Traffic Noise (ASJ-RTN) Model, developed by the Acoustical Society of Japan. Since 
1993, the ASJ model has been revised in a cycle of 5 years. However, in spite of such a long history, 
the characteristics of the ASJ models in comparison with other models have seldom been discussed 
in open literature. One of the probable reasons is that the ASJ models use A-weighted overall levels 
throughout the calculation process, unlike other models (in particular the European models) that use 
either octave-band or one-third-octave-band levels. 

In this study, the second latest revision of the ASJ model, ASJ RTN-Model 2013 (10) (referred to 
as the ASJ model hereafter), is compared with the European Harmonoise engineering model (referred 
to as the Harmonoise model), which is the predecessor of the current CNOSSOS-EU model, under a 
simple configuration of a thick barrier along a straight road. The 2013 version of the ASJ model is 
used because the 2018 version was not yet available at the time when the main part of this study was 
conducted. The Harmonoise model is chosen because there are many open publications that discuss 
the development process, details, validation, and test cases of the model. A methodology to derive 
consistent quantities between the ASJ model and the Harmonoise model, such as the single-vehicle 
A-weighted power level, is established to make strict comparisons between the two models. The 
methodology is applied to thick barrier test cases that are included in a Harmonoise deliverable. At 
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the same time, finite-difference time-domain simulations are carried out to obtain reference solutions. 
Then, comparisons of the characteristics of source power modeling, attenuation by diffraction and 
final predicted A-weighted equivalent sound pressure level are made. 

2. OUTLINES OF THE MODELS 
Outlines of the models and a methodology to derive consistent quantities between both models are 

briefly described in this section. The comparisons are made in A-weighted overall levels, as the 
A-weighted level can be derived from octave-band levels but the opposite is not possible. Thus, as 
stated later, several steps are added to the calculation procedure of the Harmonoise model to obtain 
the A-weighted overall levels. 

2.1 The ASJ Model 
A diagram of a part of the calculation procedure of the ASJ model relevant to this study is shown 

in Figure 1. First, a source and receiver configuration is given as input. The source road is divided 
into segments, and a point source i is set at the middle of each segment. The A-weighted source 
power level of source point i, LWA,i, is calculated from the running mode of vehicles, running speed V, 
and the source directivity ΔLdir for each vehicle category shown in Table 1. Then, the total 
attenuation ΔAA,i of the geometric attenuation and the attenuation by diffraction owing to the thick 
barrier is calculated. The A-weighted sound pressure level (SPL) by source i, LA,i, is calculated as 
follows. 

 LA,i = LWA,i −ΔAA,i  (1) 
 

 

Figure 1 – Calculation procedure of the ASJ model. Underlined variables are calculated ones whereas 

non-underlined variables are given as input 

Table 1 – Vehicle categories 

Model 
ASJ 

Harmonoise Two-category Four-category 

Category 

Heavy Large-sized Heavy 
Medium-sized Medium heavy 

Light Small-sized Light Passenger 
– Other heavy 

Motorcycles Two-wheelers 
 
After calculating LA,i for all point sources, the single-event sound exposure level, LAE by a single 

vehicle pass-by along the source road is calculated using LA,i for all point sources, the vehicle speed 
V and the source segment length. Finally, the equivalent continuous A-weighted SPL, LAeq, is 
calculated using LAE and the traffic volume Q. 

 

Setting of source and receiver configuration

Single-vehicle A-weighted power level
for a point source, LWA,i

Running mode of vehicles
Vehicle speed V

Source directivity ΔLdir

Running speed V
Source segment length

Traffic volume Q

Total attenuation, ΔAA,i

Geometric attenuation
Attenuation by diffraction

A-weighted sound pressure level (SPL)
by a point source, LA,i

Single-event sound exposure level, LAE

Equivalent continuous A-weighted SPL, LAeq
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2.2 The Harmonoise Model 
A diagram of a part of the calculation procedure of the Harmonoise model relevant to this study 

and additional steps to obtain consistent quantities with the ASJ model is shown in Figure 2. First, a 
source and receiver configuration is given as input. The source road is divided into segments and two 
subsources, each of which is at a height hs above the ground, are set at the middle of each segment i. 
The height of one of the two subsources is hs = 0.01 m and another is either 0.30 m for a light vehicle 
or 0.75 m for a medium-heavy and a heavy vehicle. The source power level for a single-vehicle 
subsource, L'W,i,hs, is calculated from the vehicle speed V, the source directivity Cdir. Calculation of 
the total power level for a subsource, LW,i,hs, follows by using L'W,i,hs, the vehicle speed V, the traffic 
volume Q and the segment length. Then, the total attenuation ΔAH,i,hs is calculated from the 
geometric attenuation and the excess attenuation including attenuation by diffraction and ground. 
The one-third-octave-band SPL for a subsource, Leq1h,i,hs, is calculated as 

 Leq1h,i,hs = LW ,i,hs −ΔAH,i,hs  (2) 
 

 
Figure 2 – Calculation procedure of the Harmonoise model. Underlined variables are calculated ones 

whereas non-underlined variables are given as input 
 
The one-third-octave-band SPL for all subsources and all segments, Leq1h, is calculated by 

incoherent summation of Leq1h,i,hs over all subsources and all segments. Finally, the A-weighted SPL 
for all subsources and all segments, LAeq1h, is computed by summation of Leq1h with A-weighting 
correction added over all bands. 

The excess attenuation ΔAH,i,hs is calculated using the official Harmonoise point-to-point (P2P) 
library (11) version 2.022. 

2.3 Additional Steps for Obtaining Consistent Quantities between the Models 
The vehicle categories defined in each model are associated as shown in Table 1. The large-sized 

and medium-sized vehicles in four-category classification in the ASJ model are associated with the 
heavy and medium-heavy vehicles of the Harmonoise model, respectively. The light vehicle in the 
ASJ model is associated with the light vehicle in the Harmonoise model. Under the association, three 
steps marked as (a)–(c) in Figure 2 are added to the calculation procedure of the Harmonoise model 
to obtain consistent quantities with the ASJ model. Step (a) calculates the single-vehicle A-weighted 
power level for all subsources in source point i, LWA,HN,i (HN stands for the Harmonoise model 
hereafter), by incoherent summation of L'W,i,hs over all subsources and all bands with the A-weights 
applied. The LWA,HN,i is considered to be comparable with LWA,i of the ASJ Model. Step (b) calculates 
the A-weighted source directivity, CdirA as 

Setting of source and receiver configuration

Single-vehicle power level
for a subsource, L'W,i,hs

One-third-octave-band SPL for a subsource, Leq1h,i,hs

One-third-octave-band SPL for all subsources and all segments, Leq1h

Total power level for a subsource, LW,i,hs

Total attenuation, ΔAH,i,hs

Vehicle speed V
Source directivity Cdir

Running speed V
Traffic volume Q

Segment length

Geometric attenuation
Excess attenuation

A-weighted SPL for all subsources and all segments, LAeq1h

(a) (b) (c) (c)

(a) Single-vehicle A-weighted power level for all subsources in source point i, LWA,HN,i

(b) A-weighted source directivity, CdirA

(c) A-weighted single-vehicle SPL for all subsources in source point i, LA,HN,i
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CdirA = ʹLWA,dir − ʹLWA  (3) 

where L'WA,dir is the A-weighted incoherent summation of all bands and all subsources of L'W,i,hs with 
the source directivity Cdir applied, and L'WA is the same but without application of the source 
directivity. In calculating CdirA, directivity angles defined by the ASJ and the Harmonoise models, 
(ϕA, θ) and (Ψ, ϕH) shown in Figure 3, respectively, are associated with the help of an auxiliary 
variable Θ by 

 φA = tan
−1 (cosΘ) / (tanΨ)[ ] , (4) 

 θ = tan−1 sinφA tanΘ( ) (φA ≠ 0) , (5) 

 Θ = 90! −φH . (6) 
The CdirA is considered to be comparable with ΔLdir of the ASJ model. Step (c) calculates the 
A-weighted single-vehicle SPL for all subsources in source point i, LA,HN,i. For this, the 
one-third-octave-band SPL for a single-vehicle subsource, LHN,i,hs is calculated by 

 LHN,i,hs = ʹLW ,i,hs −ΔAH,i,hs  (7) 
Then, LA,HN,i, is obtained by incoherent summation of LHN,i,hs over all subsources and all bands with 
the A-weights applied. The LA,HN,i is considered to be comparable with LA,i of the ASJ model. 

 

 

Figure 3 – Definitions of the directivity angles in the ASJ and the Harmonoise models. S and P are the 

source and the receiver, respectively 
 

3. NUMERICAL EXPERIMENTS 

3.1 Test Cases 
Cases 01 and 05 included in a collection of Harmonoise test cases (12) are used in this study. The 

configurations of Cases 01 and 05 are a straight road in a semi-free field as shown in Figure 4, and a 
thick barrier along a straight road as shown in Figure 5, respectively. Case 05 has two patterns of 
barriers heights hb = 8 m and 15 m. The patterns are called Maps 11 and 12, respectively. In both 
cases, the source road with a length of 2 000 m is placed along y-axis. The source road has Lanes 1 
and 2 with a 10 m interval and with vehicles running towards the negative and positive direction of 
the y-axis, respectively. Receiver P is placed at a height of 4 m with a horizontal distance of 55 m 
from Lane 1 of the source road. Each lane has 501 source positions with a uniform interval of 4 m. 
Parameter settings are shown in Tables 2 and 3. Meteorological effect is not taken into account. 

 

 
Figure 4 – Geometry of Case 01: Semi-free field 

 
Figure 5 – Geometry of Case 05: Screening by thick barriers 
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Table 2 – Calculation settings (1) 
Road surface DAC 0/11 

Representative flow resistivity [kNs/m4] 20 000 
Air temperature [℃] 15 

Table 3 – Calculation settings (2) 

Vehicle type ASJ Large-sized Medium-sized Light 
Harmonoise Heavy Medium heavy Light 

Vehicle speed [km/h]  50  
Traffic flow [/h] 50 100 3 000 

Temperature coefficient [dB/˚C] 0.05 0.05 0.10 
 
The insertion loss by the thick barrier for the ASJ model ΔLIL,ASJ,i and for the Harmonoise model 

ΔLIL,HN,i are calculated from LA,i and LA,HN,i, respectively, for Cases 01 and 05, LA,ASJ,i,free, 
LA,ASJ,i,barrier, LA,HN,i,free and LA,HN,i,barrier as 

 
ΔLIL,ASJ,i = LA,ASJ,i,barrier − LA,ASJ,i,free , (8) 

 
ΔLIL,HN,i = LA,HN,i,barrier − LA,HN,i,free  (9)

 

3.2 Finite-Difference Time-Domain Simulations 
To obtain reference solutions, three-dimensional finite-difference time-domain (FDTD) 

simulations are carried out. Figure 6 shows the configuration. Only regions around y = 0 [m] in 
Figures 4 and 5 are solved, otherwise computational cost becomes too much. Thus the configuration 
only contains a single point source for y = 0 [m], S1, which is simulated by a Gaussian initial 
distribution of the pressure. The size of (h, hb) in Figure 6 are (4.5, 0) m, (11, 8) m and (18, 15) m for 
Case 01, Case 05 Map 11 and Map 12, respectively. Other computational parameters are listed in 
Table 4. The A-weighted SPL LA,ref,i is computed from the one-third-octave-band spectrum of the 
solution with the inverse spectrum of the initial Gaussian sound source, the power spectrum of the 
source vehicle and the A-weights applied. The frequency range is limited from 50 Hz to 2.5 kHz 
because of the computational grid size. The insertion loss by the thick barrier, ΔLIL,ref,i, is calculated 
from LA,ref,i for Cases 01 and 05, LA,ref,i,free and LA,ref,i,barrier, respectively, as 

 
ΔLIL,ref,,i = LA,ref ,i,barrier − LA,ref ,i,free  (10) 

 

 
Figure 6 – Configuration of the FDTD simulations. The y and other axes are not to scale 

Table 4 – Computational parameters and values 
Parameter Value 

Grid size [m] 5×10-3 
Time step [s] 8×10-6 

Number of steps 31 250 
Half width at half maximum of sound source [m] 2.5×10-3 

Speed of sound [m/s] 340 
z-coordinates of the source [m] 0, 0.3, 0.75 

Density of air [kg/m3] 1.205 

4. RESULTS 
Hereafter, a large-sized vehicle of the ASJ model and a heavy vehicle of the Harmonoise model 
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z

xy

PML Unit of length [m]y
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0.125
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are collectively called a heavy vehicle. 

4.1 Source Power Levels 
Figure 7 shows ΔLdir and CdirA for each vehicle category. For heavy vehicles, the power level of 

the ASJ model reduces as Ψ increases and is symmetrical to Θ = 0°. The power level of the 
Harmonoise also reduces as Ψ increases, but is asymmetric to ϕH = 90° and is stronger for the 
forward direction. For light vehicles, the directivity is similar for both models in that the power level 
reduces as Ψ increases and is symmetrical to Θ = 0° and ϕH = 90°. 

   

Figure 7 – Source directivity of a (a) heavy and (b) light vehicle of the ASJ and Harmonoise (HN) models 
 
The A-weighted source power level without the source directivity taken into account is shown in 

Figure 8. The power levels for the heavy vehicles are nearly identical between the models, whereas 
that for the light vehicle of the ASJ model is larger by 2 dB than the Harmonoise model. 

 

Figure 8 – A-weighted source power level without source directivity taken into account 

4.2 Insertion Loss and A-weighted SPL 
The results presented here except for the final LAeq are those for Lane 1 because those for both 

lanes are similar. The calculation of LAeq uses the results for both lanes. 
Figure 9 presents the insertion losses with respect to the source at y = 0 without the source 

directivity taken into account in comparison with the reference solutions. The difference between the 
model calculations and the reference solutions are less than 1 dB for Map 11 and approximately 3 dB 
for Map 12. Although slightly larger difference with deeper diffraction by the barriers is seen for 
both models, the difference for each case is nearly identical between the models and relatively small. 

 

 
Figure 9 – Insertion losses for Case 05 (a) Map 11 and (b) Map 12 without the source directivity 
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Figure 10(A) plots LA,i and LA,HN,i as functions of the y-coordinate of source i for Case 01, Case 

05 Map 11 and Map 12 without the source directivity taken into account. The plots can be regarded 
as simulated single-vehicle pass-by patterns (the unit patterns) observed at the receiver. For all cases 
the plots are symmetrical to y = 0 [m]. For Case 01, a clear geometric attenuation pattern is observed 
towards the left and the right ends. For Case 05 Maps 01 and 12, the pattern is not so clear as the 
geometric attenuation and the diffraction attenuation cancel each other. Figure 10(B) similarly plots 
LA,i and LA,HN,i with the source directivity taken into account. The plots for the heavy vehicle of the 
Harmonoise model for all cases are characteristic in that they are asymmetrical to y = 0 [m] as 
expected from the source directivity shown in Figure 7(a). The LA,i for the large-sized vehicle of the 
ASJ model at y = 0 [m] indicated by the (I) label in Figure 10(B) is 2.3 dB smaller than that in Figure 
10(A). This is because the source power is lost by the application of the source directivity. The plots 
for the light vehicles are similar to those for the heavy vehicles. 

 

 
Figure 10 – LA,i and LA,HN,i for (a), (d) Case 01, (b), (e) Case 05 Map 11, (c), (f) Case 05 Map 12 

 
In all cases plotted in Figure 10, for heavy vehicles the SPLs for the Harmonoise model is larger 

than those for the ASJ model. This is because the insertion loss is smaller for the Harmonoise model 
as illustrated in Figure 9 whereas the source power levels are nearly identical as indicated in Figure 8. 
For light vehicles, the SPL of the ASJ model is generally larger for Case 05 map 11. This is because 
the source power level is larger for the ASJ model as illustrated in Figure 8 whereas the insertion loss 
is nearly identical as illustrated in Figure 9. On the other hand, for Case 05 Map 12 the SPL for the 
ASJ model is generally smaller around y = 0 [m]. This is because the insertion loss of the ASJ model 
is larger than the Harmonoise model. 

Figure 11 shows LAeq for each case without and with the source directivity taken into account. 
When the source directivity is not taken into account, the LAeq are nearly identical between both 
models for Case 01. For Case 05, the LAeq of the ASJ model is larger for Map 11 but smaller for Map 
12 than the Harmonoise model. This follows the observation of light vehicles in Figure 10 as the 
light vehicles mostly occupy the traffic volume, as shown in Table 3. The difference between without 
and with the source directivity becomes larger as the height of the barrier becomes larger. In all cases, 
differences between the models are less than 2 dB. 
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Figure 11 – LAeq for (a) Case 01, Case 05 (b) Map 11 and (c) Map 12 

5. CONCLUSIONS 
In this study, a methodology to derive consistent quantities between the ASJ model and the 

European Harmonoise model is established. The methodology is applied to thick barrier test cases 
that are included in a Harmonoise deliverable. At the same time, finite-difference time-domain 
simulations are carried out to obtain reference solutions. A-weighted source power levels between 
the two models are found to be larger for the light vehicle of the ASJ model. Comparison between 
each model and the reference solutions weighted by each source spectrum agree well for both models. 
Single-vehicle pass-by patterns of the Harmonoise model become asymmetrical to y = 0 [m] when 
the source directivity is taken into account. The final A-weighted levels obtained by both models 
agree within a 2 dB difference. However, the difference in the source directivity and the balance of 
the source power level and the diffraction attenuation may lead to large difference under certain 
cases. 
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from a Large Industrial Noise Source 
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ABSTRACT 

The attenuation of a sound signal over long distances is accounted for by atmospheric absorption, 
atmospheric stability, ground effects, barriers and spherical spreading. Conversely, the propagation of sound 
over long distances can be enhanced by source to receiver gradient winds and vertical temperature profiles 
that create downward refraction of the sound waves. While the nature of each of these phenomena is well 
understood, the prediction of the sound propagation over long distances from a large industrial source such 
as an open-cut mine is inconsistent with the measured sound pressure level attributed to the source. The 
uncertainty around the theoretical model predictions and the measured source sound pressure levels in a 
multi-source environment creates a control problem when managing day to day mining operations. This paper 
investigates the relationship between the measured and predicted sound pressure levels at three continuous 
noise monitors along a propagation path at distances of 500m, 1500m and 2500m from the source. The 
objective of the analysis was to reduce the uncertainty in the measurement of the source’s contribution at the 
noise monitor located in a multi-source environment 2500m from source. 
 
Keywords: Sound Emissions, Control, Industrial, Continuous Monitor 

1. INTRODUCTION 
Environmental noise is defined as unwanted or harmful outdoor sound created by human activities 

(1).  Major sources of noise include road and rail traffic, aircraft, industrial activity and power 
generation.  The challenge with measuring, assessing and reporting environmental noise has been the 
subject of numerous research articles over many years.  In recent years the deployment of permanent 
monitoring networks (2,3,4,5) has resulted in the development of techniques for the dynamic 
interpolation (tuning) of noise maps using continuous noise monitoring data (3,5,6), the development 
of pattern classification algorithms to separate target and interfering noise sources recorded by 
continuous noise monitors (7), the assessment of uncertainty in monitoring data (8,9,10) and the 
development of innovative methods for communicating and presenting the monitoring data in real 
time (11,12,13).   

For many mining operations in New South Wales (NSW) Australia, the management of noise 
impacts is a key consideration during the design, planning and operational phases of the mining 
operation.  During the design and planning phases computer noise models are used to predict the 
sound pressure level generated by an industrial operation at a specific receiver location for comparison 
against relevant noise standards.  If the predicted sound pressure level exceeds the relevant noise 
immission standard for the receiver type, there is an expectation that control strategies would be 
implemented to reduce the immission level.  As an interactive/iterative tool noise models can be used 
to assess the effectiveness of different noise control strategies that could be implemented by an 
industrial operation.  The desired outcome is that the industrial operation achieves the relevant noise 
standards at all receiver locations under all temporal variations.   

During the operational phase a mine will be subject to a range of noise related operation constraints 
including self-imposed conditions to meet corporate or community expectations and conditions 
imposed by a range of different regulatory authorities (14).  Noise criteria or noise limits imposed by 

                                                        
1 tim.procter@griffithuni.edu.au, d.tomerini@griffith.edu.au, lex.brown@griffith.edu.au 
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regulatory authorities are typically single numerical values that vary according to the spatial 
differences between receiver locations and the temporal differences between the day (0700 to 1800), 
evening (1800 to 2200) and night (2200 to 0700).  There is a cost associated with the implementation 
of control strategies and there is also a cost associated with the failure to successfully implement 
appropriate noise control strategies or with the implementation of unwarranted controls.  

In the NSW Coal Industry, compliance with noise criteria is assessed through monthly attended 
noise monitoring.  The attended noise monitoring is undertaken at defined locations, at regular 
intervals as set out in development approvals and environmental licences2, to quantify and describe 
the acoustic environment at each monitoring site.  The results of the attended noise monitoring are 
recorded, analysed and compared with approved noise criteria to assess compliance (4,15).   

In addition to compliance monitoring most of the open-cut coal mines in the NSW coal fields of 
Australia have noise performance management systems in place to assist in maintaining compliance 
with noise criteria at sensitive receiver locations in the surrounding rural communities.  Noise 
performance management is undertaken using a combination of continuous real-time noise monitoring 
supplemented with attended monitoring using mine personnel or an independent acoustic consultant.  
A noise performance management system provides a mine with real-time noise levels and local 
meteorological data at each of the continuous real-time noise monitoring locations, and triggers alarms 
when predefined noise levels have been reached.  An alarm from a continuous noise monitor will 
initiate a noise management action to change aspects of the mining operations in order to reduce noise 
immission levels at the monitoring location (4,15,14).   

Over the last 18 years the mining industry in NSW Australia has installed over 60 continuous noise 
monitors either individually or as part of a continuous noise monitoring network.  The installation of 
continuous noise monitoring networks has facilitated the move away from an operational framework 
based around after-the-fact monitoring (16) to one that enables the strategic management of the noise 
source(s).  However, to adequately facilitate this, these systems need to collate, analyse and report 
on the real-time noise monitoring data, and the accompanying meteorological conditions and 
operational parameters associated with the noise source(s).   

The effectiveness of the mine’s noise management system and the changes implemented to control 
noise impacts relies on the correct interpretation of the monitoring data when reporting the source-of-
interest’s contribution to the acoustic environment. 

2. The Source-of-Interest 
In this paper, the noise source-of-interest is an open-cut coal mine located in the Hunter Valley 

coalfields of NSW Australia.  The mine has installed a continuous noise monitoring network in 
accordance with development consent requirements regulated by the NSW Government’s Department 
of Planning and Environment.  The development consent requires the evaluation of the mine’s noise 
immission against noise impact assessment criteria specified in the development consent using a 
combination of continuous noise monitoring and supplementary attended noise monitoring. 

The mine’s continuous noise monitoring network consisting of five noise monitors, three weather 
stations with 10-metre towers and five supplementary weather stations co-located with the noise 
monitors.  The noise monitors measure and report on the acoustic environment at each monitoring 
location.  The primary reporting metrics include: LAeq,15minute; LA90,15minute; and 
Leq,15minute at 1/3 octave intervals.  The weather stations measure and report wind speed and wind 
direction, ambient temperature, humidity and rainfall at 10-minute and fifteen-minute intervals. 

One of the noise monitors (identified here as NM3 in Figure 1) is located in the midst of a small 
rural community to the south-east of the mine.  Two of the noise monitors, NM1 and NM2, are located 
between NM3 and the mine.  NM1 is located on the southern highwall overlooking the open-cut pit 
and NM2 is located approximately 500m to the south-east of the active mining area in an elevated 
location.  The two other noise monitors are located to the east of the mine. 

The location of the source/mine-of-interest, noise monitors NM1, NM2 and NM3 and cross section 
profile from the active mining area to the monitoring locations are shown in Figure 1. 

 

                                                        
2 A formal notice of approval issued by a regulatory authority for the implementation of a specific development proposal 
described in a development application.  A development consent typically includes a detailed list of conditions under which 
the development can be operated. 
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Figure 1 – Location of mine-of-interest in the background in relation to continuous noise 
monitors NM1, NM2 and NM3, weather stations Met1 and Met2, arterial highway,  arterial 

railway, local roads and adjoining mining operations. 
above: (c) Google Earth, CNES / Airbus

The noise immission limit at NM3 for noise emitted by the source-of-interest is 40 dB(A) 
LAeq,15minute and applies for the day, evening and night periods.  The noise immission limit at 
NM3 is applicable for wind speeds up to 3m/s (measured at 10m above ground level) for stability 
categories A to E3 and wind speeds up to 2m/s for stability category F. 

The continuous noise monitoring unit at NM3 is not used to assess compliance but is used as an 
operational management tool.  The data from the noise monitoring and associated weather stations is 
presented on a web page and the unit has SMS alarm capabilities.  The primary function of the noise 
monitor at NM3 is to report the LAeq,15-minute sound pressure level attributable to the source-of-
interest, the mine located 2500m the north-west of the monitoring location.  The SMS alarm function 
is used by the Mining Supervisors to instigate noise-based management actions in the active mining 
areas.   

In 2017 the SMS alarm system at NM3 was augmented with a SMART technology visualisation 
tool updated at 5-minute intervals.  With this tool in place the period of time the 15-minute LAeq 
noise level attributed to the source-of-interest exceeded the 40 dB(A) criterion at NM3 was reduced 
60%, from 290 hours in the winter evening/night period of 2017 to 110 hours in the winter 
evening/night period of 2017.   

3. Trends and Patterns
Shneiderman (18) notes that the exploration of data becomes increasingly difficult as the volume 

of the data increases and that data abstraction through visualisation can reveal patterns, clusters, gaps 
and outliers in the data.   

3 Pasquill-Gifford-Turner stability categories (17) 
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During 2017 the 15-minute monitoring data from NM3 was integrated with monitoring data from 
the continuous noise monitor NM2 and weather stations Met1 and Met2.  The data was compiled 
daily to identify trends and patterns that could be used to improve the interpretation of the data from 
individual units and as a network.  The analysis targeted trends and patterns that linked the SMS 
alarming function to the total LAeq acoustic environment at NM3, the estimated source-of-interest 
contribution at NM3 and NM2 (NM3 SoI1 and NM2 SoI1), the calculated lapse rate to identify the 
presence of inversion conditions, and wind speed and direction at 15-minute intervals. 

The prototype of the SMART technology visualisation tool was developed in 2017 based on the 
observations drawn from the collation of the 15-minute monitoring data.  The benefits realised in 
2017, i.e. a 180-hour reduction in the source-of-interest exceeding 40 dB(A) at NM3, was due to a 
combination of the quantification of the trends and patterns into algorithms used by the visualisation 
tool and the augmentation of the 15-minute SMS alarm system with the 5-minute updates to the 
visualisation tool. 

Notwithstanding the improvements gained in 2017, in 2018 the 15-minute LAeq noise level 
attributed to the source-of-interest was reported to exceed the 40 dB(A) criterion at NM3 for 130 hours 
of the winter evening/night period.  To achieve further improvement in control of the noise 
immissions at NM3, the uncertainty in the quantification of the source-of-interest contribution to the 
acoustic environment at NM3 needed to be addressed. 

4. Data Collation 

4.1 Pattern Identification 

The initial improvements in the noise control of the source-of-interest were attributed to the 
increase in the temporal resolution of the data to 5-minute intervals and the increased visibility of 
relevant data.  To gain further improvement in the noise control the relationship between the data 
collected by the paired monitors NM2 and NM3 was investigated.  The data from monitor NM1, 
located on the southern highwall of the open-cut pit, was not used as it was adversely affected by 
individual machine activities and was not representative of the mine as a continuous single source. 

The continuous monitoring systems collect a range of metrics in addition to the LAeq,15minute 
data.  This includes 1/3 octave levels as 10-second, 5-minute and 15-minute Leq, Ln percentiles and 
the amplitude, frequency and angle of the dominant noise source at 6-second intervals.  The objective 
was to use this data to reduce the uncertainty in the quantification of the source-of-interest 
contribution to the acoustic environment at NM3.  To achieve this, the analysis of the high-resolution 
data considered two aspects: 1. finding a narrow set of items in the large dataset that satisfied specific 
conditions; and 2. understanding unexpected patterns identified in the large dataset (18). 

4.2 Source Contribution at NM2 

Figure 2 shows a 2-hour run chart of 10-second all pass LAeq data and all pass LCeq data recorded 
at NM2 between 02:00 and 04:00.  The measured LAeq of the acoustic environment over the 2-hour 
period in Figure 2(a) is 50.0 dB(A)4.  The standard deviation of the arithmetic average is 4.4 dB.   

The acoustic environment represented by Figure 2 includes the source-of-interest and coal trains 
passing along the rail corridor located between the source-of-interest and the monitoring location.  
The high energy events shown in Figure 2 are the train pass-by events.  The 10-second LAeq data 
can be compiled into two statistical distributions to represent the noise sources: a normal distribution 
for the mine noise and a gamma distribution for the train pass-by noise.   

In Figure 2(a) the divide between the two noise sources has been set at 51 dB(A) using the 85th 
percentile of the measured data.  By separating the two noise sources, the measured LAeq of the mine 
noise over the 2-hour period is reported as 45.3 dB(A) and the measured LAeq of the train pass-by is 
56.5 dB(A).  The standard deviation of the arithmetic average mine noise is 2.1 dB.  The measured 
LCeq of the mine noise over the 2-hour period is 58.3 dB(C) and the measured LCeq of the train pass-
by is 67.2 dB(C). The standard deviation of the C-weight arithmetic average mine noise is 1.6 dB.   

The application of a low-pass filter on the 10-second 1/3 octave data was also investigated.  The 
difference between the measured LAeq of the mine noise in Figure 2(a) and the equivalent low-pass 
(25 to 630 Hz inclusive) sound pressure levels is 1.4 dB.  Applying a low-pass filter reduces the 
arithmetic average standard deviation to 2.0 dB.   

                                                        
4 One decimal point is used to demonstrate the math, not the accuracy of the method described. 
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Figure 2 – Pattern analysis in 10-second data collected by NM2 

 
This method has been used to establish a reference sound pressure level of the source-of-interest 

at the reference monitoring location NM2 by removing the contribution from the train by-pass events.  
This method can also be used to filter out contributions to the acoustic environment from car drive-
by events on local roads and overhead plane and helicopter fly-over events. 

4.3 Source Contribution to NM3 

The comparative 2-hour all pass LAeq and LCeq run charts for NM3 are shown in Figure 3. 
 

 

 
Figure 3 – Pattern analysis in 10 second data collected by NM3 

 
The source-of-interest at NM3 is heavily masked by road traffic noise from an arterial highway 

900m to the south of the monitoring location.  Other noise sources contributing to the acoustic 
environment at the monitoring location include an open-cut coal mine to the south-east, surface 
facilities for an underground mine to the west and open-cut mines to the west. 
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The measured LAeq of the acoustic environment over the 2-hour period in Figure 3(a) is 
44.0 dB(A).  The standard deviation of the arithmetic average is 2.4 dB.  While the influence of the 
train pass-by events shown in Figure 3(a) is indistinct in the A-weighted run chart each event is 
distinguishable in the C-weighted run chart in Figure 3(b).   

Comparison of the C-weighted run charts in Figure 2(b) and Figure 3(b) suggests it could be 
possible to establish a quantitative relationship between the sound pressure level of the train by-pass 
events at NM2 and NM3.  However, the audio recordings from 02:30 to 02:45 from NM2 and NM3 
(Figure 4) show that the temporal alignment of the signal from the train pass-by event is affected by 
the spatial differences between monitoring locations and the railway corridor.  As a result, a 
quantitative relationship for train pass-by events could not be developed for the two monitoring 
locations.  The alternative was to either remove the train pass-by data from the 10-second data sets 
of both monitoring units or, to facilitate further analysis, substitute the arithmetic mean of the residual 
data for the train pass-by events.  The latter option was adopted. 

 

 
Figure 4 – Analysis of audio recordings showing offset in temporal alignment 

of the signal from the train pass-by event 

4.4 Predictive Noise Modelling 

A predictive noise model was used to model the mining operations under a 1.7 to 2.1 m/s wind 
from 315 degrees under atmospheric stability conditions ranging from class D to class F (lapse rate 
of 5 deg/100m).  The predicted A-weighted 1/3 octave spectrums for the modelled conditions for 
NM2 and NM3 are presented in Figure 5.   

 

 
Figure 5 – Comparison of predicted sound pressure level of the soure-of-interest at NM2 and NM3 

under 1.7 to 2.1 m/s wind from 330 to 335 degrees and class D to F stability conditions 
 
The prevailing meteorological conditions between 02:00 and 04:00 enhanced the propagation of 

the sound signal from the source-of interest towards NM2 and NM3.  The differences in the predicted 
and measured A-weighted and C-weighted sound pressure levels identified in Sections 4.2 and 4.3 
above are tabulated in Table 1. 

 
Table 1 – Comparison of Predicted and Measured Sound Pressure Levels 

Monitor 
Location 

Predicted, Leq Measured, Leq 

dB(A) dB(C) dB(A) dB(C) 

NM2 44.3 56.9 45.3 58.2 

NM3 40.8 54.8 42.1 55.6 
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Comparison of the predicted total A-weighted and C weighted sound pressure levels at NM2 with 
the measured source-of-interest sound pressure levels at NM3 indicate the noise model is under 
predicting by approximately 1 dB.  However, this would not affect the predicted differential between 
NM2 and NM3 of 3.5 dB. 

5. Analysis 
To reduce the uncertainty of when and how much noise control should be implemented to reduce 

the noise immission levels at the receiver location all the elements described above are required to 
establish the relationship between the paired monitors NM2 and NM3.  A natural response would be 
to use the reference signal at NM2 and predict the likely sound pressure level at NM3.  However, this 
does not account for the deep fading events described by Wilson (19) and could result in an over-
prediction of the noise immission levels. 

The method that is proposed is the validation of the noise immission levels at NM3 when the 
source-of-interest level reported by NM3 is within 2 dB of the noise criterion.  If, for example, the 
reported source-of-interest level at NM3 is reported at 41.0 dB(A), the noise immission level at NM2 
would need to be at least 44.5 dB(A). 

Figure 6 applies the predicted distance attenuation relationship between NM2 and NM3 to the 
reported 5-minute LAeq source-of-interest sound pressure levels at NM3 and compares these results 
with the measured sound pressure levels at NM2.  The source-of-interest sound pressure level at NM3 
is the noise immission level the Mining Supervisors compare against the criterion at NM3 and is the 
metric used to initiate system alarms.   

 

 
Figure 6 – Comparison of reported source-of-interest sound pressure level plus 3.5 dB with the 

measured sound pressure level at NM2.  The chart also shows the potential alarm points at NM3 
when the source-of-interest sound pressure level is reported ≥40 dB(A). 

 
The results in Figure 6 indicate alarm points 3 to 6 are all valid as there is sufficient sound energy 

at NM2 to support the propagation of the sound signal from the source-of-interest to NM3.  Alarm 
points 1 and 2 are potentially ambiguous as a train pass-by event masked the sound signal from the 
mine, the source-of-interest.  Alarm point 7 may be over predicted as the sound energy at NM2 is 
less than the energy required to support the reported 41.0 dB(A) for the source-of-interest at NM3. 

6. Conclusion 
The method proposed in this paper to reduce the uncertainty in the identification of source 

contribution over long distances, relies on the use of paired noise monitors with one unit as a reference 
monitor.  With a paired noise monitor installation, the reference monitor is used to validate a 
predictive noise model of the source-of-interest and provides a reference signal against which the 
second monitor, located at the receiver location, can be compared.  The analysis shows that this 
method reduces the uncertainty of source contribution at the receiver location. 

It was found from the analysis of the three continuous noise monitors that the noise monitor used 
as a reference point for the source-of-interest must be located where the source-of-interest presents as 
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a high energy single source continuum. 
The methods described in this paper also demonstrate that source uncertainty due to extraneous 

events, such as a train pass-by, that mask the high energy noise continuum of the source-of-interest at 
the reference monitor, can be reduced by analysing the 10-second 1/3 octave data.   
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Abstract
Rock ptarmigan is a bird living in the mountains tops, whose population tends to decrease in Europe over the last
decade, notably due to climate change, habitat loss and human disturbance. Censusing of number of birds in the
Alps is realized via point-count monitoring using birds vocalization. However, detection of bird vocalizations
by the human hear is somewhat tricky in these non-homogeneous landforms, due to sound propagation effects.
In order to improve the counting method, it is necessary to understand how bird vocalizations propagate in the
Alpine environment. With this aim, a propagation model based on a ray-tracing approach is developed and
includes topography, ground reflection and absorption and atmospheric refraction and absorption. The model is
first validated in both frequency and time domains against reference results obtained with a numerical solution of
the linearized Euler equations for simple cases. Propagation of the bird vocalization in the Alpine environment
is then illustrated. It is shown that the active space of the bird dramatically depends on the environment. The
modeling of active and detection space will provide precise information for the birds monitoring, enabling
managers to define more precisely their counting plans.

Keywords: Ethology, Outdoor propagation, Ray tracing

1 INTRODUCTION
The rock ptarmigan is a bird (see Fig. 1 (a)) living in the northern parts of Eurasia and North America. In

France, it can be found in subalpine and alpine habitats of the Pyrenees and the Alps at altitude greater than

1800 m [1]. Its characteristic vocalization consists of a train of pulses, with frequency content between 900 Hz

and 3700 Hz see (Fig. 1 (b)-(c)). Due to climate change and habitat transformation, its population is decreasing.

Rock ptarmigan is often considered as a bioindicator, meaning that its population is a global indicator of the

biodiversity in alpine environments.

While acoustic monitoring starts to be used [2], the current counting method is based on a human-based ap-

proach. The counting area is covered by several observers, spaced apart each other by 500 m, which corresponds

to an empirical distance at which rock ptarmigan can not be heard anymore. This protocol has several biases;

a single individual can be counted multiple times or can not be detected at all. Indeed, propagation of the

bird vocalization in Alpine environment is not simple to due to a complex landform (topography, ground effect)

and meteorological conditions. In order to improve current counting methods, it is therefore required to better

understand and predict propagation in this environment.

The objective of this paper is to develop a propagation model, suited for the Alpine environment. The paper is

organized as follows. In Sec. 2, possible approaches to predict sound propagation are examined and motivations

for the use of geometrical methods are discussed. The ray-tracing approach is described. Test-cases to validate

∗corresponding author, didier.dragna@ec-lyon.fr
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the numerical model are performed. Application of the model for propagation of rock ptarmigan vocalization in

a mountain environment is illustrated in Sec. 3.

0 0.05 0.1 0.15 0.2 0.25 0.3
-1.5

-1

-0.5

0

0.5

1

1.5

10 2 10 3
0

10

20

30

40

50

60

Figure 1. (top) A pair of rock ptarmigans in spring. [3] (bottom) Vocalization of the rock ptarmigan: (left)

waveforms and (right) spectrum.

2 RAY-TRACING APPROACH
2.1 MOTIVATION
They are several ways to predict sound propagation outdoors. Analytical approaches are the fastest ones to

obtain reliable results. Standards to compute noise maps are thus based on these approaches. A lot of com-

mercial softwares are available for this purpose. They often take as input data GIS (geographic information

system) files, which allow one to account easily for complex landforms. Typical calculation times for an area

of several square kilometers is only of a few minutes. There are however two main drawbacks for the use of

these softwares in a bioacoustic context. First, the standards implemented in these softwares are developed for

octave or one-third octave frequency bands, which does not make it possible to obtain the bird vocalization after

propagation. Second, the formulas employed in these standards are often derived from empirical considerations,

especially for ground reflection and refraction by the atmosphere. In addition, they were mostly developed for

urban environment and their validity for mountain environment is not clear. Note that here has been recently

a sound propagation model [4] for anthropogenic noise in wildland environment that has been implemented in

the ArcGIS platform. Numerical approaches are also numerous. Wave-based methods are appealing as they

can account accurately for most of the phenomena encountered in atmospheric acoustics. Their computational

cost however remains prohibitive for large 3D domains. Geometrical methods are an interesting compromise

between accuracy and efficiency. They are based on a high-frequency assumption, or more precisely on the

assumption that the characteristic length scale of variations of the ambient variables is large compared to the

wavelength. They can handle specular reflection on an irregular terrain and refraction by inhomogeneities of the

atmosphere. Accounting for diffraction or diffuse reflection is possible, but is usually not included because it

significantly complicates the approach. There are however considerable limits to ray-tracing. There are thus two

particular regions in which predictions given by the ray-tracing approach are expected to be erroneous. First

ones are shadow zones, which are the regions in which no ray penetrates and are due to atmospheric refrac-

tion or topography. Geometrical approaches would thus predict a null amplitude for the acoustic field. This is
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of importance in Alpine environment, for which terrain irregularities can induce large shadow zones near the

ground. The other critical region are caustics, which are points or surfaces on which the cross-sectional area of

the ray tube tends to zero. On caustics, the ray-tracing approach predicts an infinite amplitude.

2.2 DESCRIPTION
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Figure 2. (top) Energy spectral densities and (bottom) time-domain signatures for a source at (0, 0, 1 m) and a

receiver at (300 m, 0, 3 m) and for a homogeneous atmosphere.

In the ray-tracing approach [5], the acoustic pressure is sought as p̂( f ,x) = A( f ,x)eiωτ(x), with A the amplitude

of the pressure which is assumed to be slowly varying and τ the travel time. In an inhomogeneous atmosphere

at rest with sound speed profile c̄(x) and density profile ρ̄(x), the ray equations are given by:

dx
dt

= c̄n (1)

dn
dt

= (n ·∇c̄)n−∇c̄ (2)

with n the unit vector tangent to the ray. From an acoustic point of view, a bird can be considered as a

point source, generating a spherical wavefront. The rays are therefore parametrized with two angles ϕ and θ ,

corresponding to the elevation and azimutal angles, respectively. Introducing the geodesic elements rϕ = dx/dϕ
and rθ = dx/dθ as well as the variables qϕ = dn/dϕ and qθ = dn/dθ , it can be shown from Eqs. (1) and (2)

that they satisfy the equations:

drϕ

dt
= (rϕ ·∇c̄)n+ c̄qϕ (3)

drθ
dt

= (rθ ·∇c̄)n+ c̄qθ (4)

dqϕ

dt
= (n ·∇c̄)qϕ +(qϕ ·∇c̄)n−vϕ +(n ·vϕ)n (5)

dqθ
dt

= (n ·∇c̄)qθ +(qθ ·∇c̄)n−vθ +(n ·vθ )n (6)

with vϕ = (rϕ ·∇)∇c̄ and vθ = (rθ ·∇)∇c̄. The cross-sectional area of the elementary ray tube along the ray

can then be obtained with S(t) = |rϕ × rθ |. The amplitude of the pressure along a ray is determined with the

Blokhintsev invariant, which states that A2(t)S(t)/(ρ̄(t)c̄(t)) is constant along a ray tube. The constant is usually

obtained by comparing the solution of the ray equations with that of the Helmholtz equation for a homogeneous

unbounded medium [6]. For a point source, the amplitude of the pressure is A = ŝ( f )/r, with r the distance

and ŝ( f ) is the source strength. Finally, the amplitude of the pressure along a ray is given by:

A(t) = ŝ( f )
(

cosϕs

S(t)
ρ̄(t)c̄(t)

ρ̄sc̄s

)1/2

(7)
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where ϕs is the elevation angle at launch and ρ̄s and c̄s are the density and sound speed at the source. The

parameter ŝ( f ) can also be interpreted as the acoustic pressure at 1 m from the source and can account for a

possible source directivity. The pressure at an observer is therefore the sum of the contribution of all the rays

that reach the observer, which are referred to as eigenrays. Accounting for phase shifts at caustics and possible

ground reflections, it can be written as:

p̂( f ) = ∑
i

Ai(ti)eiωti = ∑
i

ŝ( f )eiωti

(
cosϕs, i

S(ti)
ρ̄(ti)c̄(ti)

ρ̄sc̄s

)1/2

(−i)n(i)∏
j

Ri j (8)

where n(i) is the number of times that the eigenray i has crossed a caustic and Ri j is the reflection coefficient

associated to the j-th reflection of the eigenray i.

(a) ac = 0.1 s-1 (b) ac = 0.5 s-1
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Figure 3. (top) Eigenrays, (middle) energy spectral densities and (bottom) time-domain signatures for a source

at (0, 0, 1 m) and a receiver at (300 m, 0, 0.3 m). The sound speed gradient is set to (left) ac = 0.1 s-1 and

(right) ac = 0.5 s-1.

The computation of the sound pressure with the ray-tracing approach is performed in two steps. First, the

eigenrays at each receiver are determined. Second, the amplitude along the eigenrays is computed and the

3813



pressure at the receiver is determined with Eq. (8). The first step is by far the more computationally intensive.

In particular, the search of eigenrays is somewhat tricky, especially in a large 3D domain. In this study, we

use a brute force approach. The launch angles are discretized on a grid ϕ ∈ [ϕmin; ϕmax] and θ ∈ [0; 2π],
with corresponding grid size Δϕ and Δθ . For each set of launch angles (ϕ , θ ), the ray trajectory is obtained

by integrating Eqs. (1) and (2), with a Runge-Kutta algorithm. The minimal distance between the ray and

the receiver dmin(ϕ , θ ) is then determined. After having computed all the ray trajectories, the eigenrays are

detected by computing the minima of the function of two variables dmin and by checking that for each local

minimum, the minimum distance to the ray is smaller than a threshold, set to 1 m. Once the eigenrays have

been obtained, Eqs. (3)-(6) for the geodesic elements are integrated and the amplitude of the pressure along

the ray is determined with Eq. (7). The pressure in the frequency domain at the receiver is finally obtained by

summing coherently the contributions of the eigenrays with Eq. (8). The pressure in the time domain can then

be computed by calculating the inverse Fourier transform.

The angular steps Δϕ and Δθ must be sufficiently small. Indeed, at long range, the launch angles of eigen-

rays can be very close, in particular in a downward-refracting atmosphere (see, e.g., [7]). Therefore, a large

number of rays has to be launched to determine all the eigenrays. For the simulations performed in Sec. 3,

approximately 107 rays were launched. The code is written in MATLAB and is run on a standard workstation.

2.3 VALIDATION
In order to validate the ray-tracing approach, comparisons with a numerical solution of the linearized Euler

equations (LEE) by a finite-difference time-domain approach [8] are performed. For this, we consider sound

propagation above a flat rigid ground in an atmosphere whose sound speed profile varies as: c̄ = c0 +acx3, with

c0 = 340 m s-1. The density is constant with ρ̄ = ρ0 = 1.22 kg m-3. The source is located at (0, 0, 1 m) and

generates a short pulse.

In the first test-case, the atmosphere is homogeneous with ac = 0. The rays are straight lines and there are

only two rays, corresponding to the direct and reflected contributions. Fig. 2 shows the energy spectral densities

(ESD) obtained with the ray-tracing approach from Eq. (8) and the corresponding time-domain signals calculated

by an inverse Fourier transform. Analytical solution and the numerical solution of the LEE are also shown for

comparison. It can be seen that the three solutions perfectly agree in both frequency and time-domain.
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Figure 4. Eigenrays for a source at (0, 0, 1 m) and a receiver at [left] (100 m, 0, 3 m) and [right] (200 m, 0,

3 m). The sound speed gradient is set to ac =−0.1 s-1.

A downward-refracting atmosphere with ac > 0 is now considered. The eigenrays for a receiver at (300 m,

0, 3 m), as well as the ESD and the time-domain signal at the receiver are shown in Fig. 3 for sound speed

gradients equal to ac = 0.1 s and ac = 0.5 s. For ac = 0.1 s, an additional eigenray is observed, compared to

a homogeneous atmosphere. The ESD is slightly overestimated with reference to the LEE solution by approx-

imately 3 dB over the whole frequency range. A single contribution is seen on the time-domain signal, as the

arrival times of the eigenrays are very close. For ac = 0.5 s, there are 9 eigenrays detected by the algorithm.
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(a) ac =−0.1 s-1 (b) ac =−0.5 s-1
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Figure 5. (top) Energy spectral densities and (bottom) time-domain signatures for a source at (0, 0, 1 m) and a

receiver at (200 m, 0, 3 m). The sound speed gradient is set to (left) ac =−0.1 s-1 and (right) ac =−0.5 s-1.

The ESD obtained with the ray-tracing is similar to that of the LEE solution below 600 Hz and above 900 Hz

despite an overestimation of a few dB. The destructive interference pattern at a frequency of 800 Hz is also

shifted towards a lower frequency. A good agreement is also observed in the time-domain signals. In particular,

the three first contributions before t < 0.88 s perfectly superimpose. The amplitude of the last contribution with

an arrive rime of t = 0.88 s is largely overpredicted. Analysis of the raytube cross-sectional area (not shown

here) reveals that the two eigenrays with the longest arrival time are close to a caustic. The evaluation of their

amplitude is therefore inaccurate.

In the last case, an upward-refracting atmosphere with ac < 0 is examined. Eigenrays for receivers at (100 m,

0, 3 m) and (200 m, 0, 3 m) are plotted in Fig. 4. Close to the source, there are still two eigenrays. At larger

distances, a single eigenray corresponding the the direct contribution remains, while at even larger distances

there is no eigenray at all. Fig. 5 shows the ESD and the time signals predicted at (200 m, 0, 3 m) for

sound speed gradients of -0.1 s-1 and -0.5 s-1. For ac = −0.1 s-1, the ray-tracing approach gives only one

contribution (see Fig. 4). The ESD and the time signal are in good agreement with those of the LEE solution.

For ac = −0.5 s-1, the receiver is in the shadow zone. Geometrical acoustics then leads to a null pressure.

Actually, compared to the case ac = −0.1 s-1, the amplitude of the pressure signal is reduced by a factor 4,

corresponding to a 12 dB reduction.

3 PROPAGATION IN THE ALPINE ENVIRONMENT
Results obtained with the ray-tracing approach on the Flaine area are illustrated. Fig. 6 shows the topography

of the Flaine area that has been obtained from GIS tools. It is observed that on this area of a few square

kilometers, the difference in altitude is about 800 m. A valley can also be seen at x1 = 3.5 km. It can therefore

be expected that sound propagation would be totally different depending on the source location.

3815



(a) (b)

0
10004000 20003000 3000

2000 4000
1000

2400
2000

0

1600

(c) (d)

600

800

1000

1200

1400

2000 2200 2400 2600 2800
0

2

4

6

8

10

12

600

800

1000

1200

1400

2000 2200 2400 2600 2800
0

10

20

30

40

50

60

70

Figure 6. (a) Relief map of the Flaine area and (b) zoom on the are of interest. (c) Number of eigenrays

received at each receiver on the map. (d) Map of the sound presure level (SPL).

In this illustration, the source is located at x1 = 1.2 km and x2 = 2.3 km and its height is 1 m above the

ground. Its location is represented by a dot in Fig. 6. The calculation domain is limited to the blue rectangle

in Fig. 6 (a). A zoom on the relief map restricted to the calculation domain is shown in Fig. 6 (b). The

terrain slope is largely varying. Near the source, it is almost constant, while for x1 ≤ 1 km the slope is more

pronounced. At top right corner of the domain, the terrain is almost flat. Finally, near the source, three small

elongated hills oriented along the x1-axis can be distinguished. Two of them are located 50 m on the left of

the source in Fig. 6 (b). The third one is located at x2 = 2.6 km on the right of the source.

Receivers are placed on the computational domain at a height of 1.5 m and are spaced regularly, separated by

30 m. The atmosphere is inhomogeneous. The sound speed is varying linearly with the altitude. The sound

speed gradient is 0.2 s−1 and the reference temperature is 5 ◦C at x3 = 2350 m. An impedance model of a

freshly fallen snow has been used for ground reflection. Fig 6 (c) indicates the number of eigenrays at each

receiver. It is significant at the left and at the top of the source, with a maximum number equal to 12. There

is no eigenray behind the two small hills at the left of the source. In addition, the third hill prevents ray

propagation to the right of the source. The decrease of the slope induces a shadow zone at the receivers located

at the top of the domain. Similarly, an other shadow zone is generated due to the increase of the slope for

the receivers at the bottom of the domain. There are therefore only few receivers, for which the ray-tracing

algorithm gives information on the sound pressure. The corresponding SPL map is shown in Fig 6 (d). It gives

information on what is referred to as the active space which is the area around the bird where its vocalization

can be detected. It is seen that the topography has a large influence on the SPL. In particular, the SPL does

not depend only on the distance from the source. The higher SPL is obtained in the region at the left and at

the top of the source for which the number of eigenrays is the more important.
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4 CONCLUSIONS
Numerical prediction of bird vocalization propagation in the Alpine environment has been investigated. For

this, a ray-tracing approach was chosen. While there are inherent limitations to geometrical acoustics (shadow

zones and caustics), the model developed accounts for most of the physical phenomena encountered in sound

propagation in a mountain environment. Outputs are narrow-band spectra as well-as waveforms, which could

allow the analysis of bird vocalizations after propagation. Test-cases above a flat rigid ground have been done

to validate the model. Finally, application of the model to predict the active space of rock ptarmigan has been

illustrated and the feasibility of the approach has been demonstrated.

In future works, further analysis of the active spaces of rock ptarmigan will be done. In particular, influence of

the meteorological conditions on the active spaces will be studied. The inverse problem that is determining for

a given receiver the area on which rock ptarmigan can be detected will be investigated. Moreover, the study

will be extended to other bird species.
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Abstract
As part of the project „WEA-Akzeptanz“ an atmospheric sound propagation model is developed to predict the
sound immission from a wind turbine. The CNPE (Crank Nicolson Parabolic Equation) method, based on
the Helmholz equation is chosen as the sound propagation model. Complex environmental conditions such
as atmospheric turbulence can be implemented with a random number generator in this model. Atmospheric
turbulence is characterized by temporal fluctuating wind speed and temperature, which has an impact on the
sound propagation and leads to scattered sound waves due to the turbulent eddies.
Accordingly, the input of the model contains parameter variability. As a result, the sound pressure level at the
point of immission also has a high variability and is not entirely deterministic. In this work, the influence of
random input variables due to atmospheric turbulence on the uncertainty of the resulting sound pressure level is
investigated. Using this, the probability of the predicted sound pressure level can be quantified to get a better
idea of sound immission under complex atmospheric conditions.
Keywords: Sound Propagation, Atmosphere, Uncertainty

1 INTRODUCTION
The propagation of sound in the atmosphere is strongly influenced by turbulent fluctuations of temperature or
wind speed. The impact of turbulence becomes particularly relevant in the presence of refractive shadow zones,
which occur in times of negative temperature gradients or upwind directions. A reliable prediction of the sound
pressure level is of interest for example to residents near industrial plants, traffic routes or wind turbines in
order to keep noise pollution at a minimum. Hence, this paper analyses the probability of sound pressure levels
occurring at an immission point. These sound pressure levels are subject to variability due to the randomness
of turbulent fluctuations.
This paper is based on simulations with the Parabolic Equation (PE) Method to predict the sound propagation in
the atmosphere. The PE method originating in electromagnetic wave propagation was transferred to the sound
propagation in the atmosphere by Gilbert and White [1] in 1989. In order to predict the relationship between
the variability of sound pressure level in refractive shadow zones and turbulent fluctuation, Cotté and Bland-
Benon [2] investigated the coupling between turbulent scales, geometries and acoustic frequencies. Further,
Ostashev and Wilson [3] analyzed the statistical properties of sound pressure levels due to the influence of tem-
perature and wind speed variations for vertical and slanted sound propagation including the height dependence
of the variance and length scale of turbulence.
As a further investigation, this paper examines the uncertainty of the prediction of sound propagation due to
atmospheric turbulence in refractive shadow zones. The uncertainty in sound pressure levels and the probability
of the occurrence of higher sound pressure levels due to turbulent fluctuations are investigated. Thus, the
prediction of sound pressure levels in turbulent atmospheres can benefit in the future, e.g. to provide more
precise information for compliance with noise protection.
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2 ATMOSPHERIC SOUND PROPAGATION
Sound propagation in the atmosphere is affected by meteorological conditions. In particular, those conditions
include changes in temperature, density, wind speeds and turbulence. The effects on the sound propagation are
particularly strong when spread over large distances.
As discussed in Lerch et al. [4], in the atmosphere, the speed of sound c0 is superimposed with the wind
speed vw. Hence, the effective speed of sound can be derived. In the atmosphere, the wind speed increases
with the height. This height dependence of the wind speed is transferred to the effective speed of sound.
Consequently, a refraction of the sound waves occurs. In Figure 1 this geometric effect is visualized in upwind
direction using sound rays. Due to subtraction of the wind speed in an upwind situation, the effective speed
of sound decreases with increasing height. Accordingly, the sound waves are refracted upwards and refractive
shadow zones arise near the ground. In those refractive shadow zones sound pressure levels are reduced.
As a result of unstable atmospheric stratification, turbulence arises due to buoyancy instabilities and wind shear.
In addition to amplitude and phase fluctuations of the sound waves, these atmospheric turbulence leads to the
scattering of sound energy into refracted shadow zones [5]. The scattering of the sound waves is shown in
Figure 1. According to Rossing et al. [6], the reduction of sound pressure levels within the shadow zone is
limited to 20-25 dB due to scattered sound by atmospheric turbulence.

3 DEVELOPMENT OF SOUND PROPAGATION MODEL
According to West et al. [7] and Salomons [8], the PE method is an appropriate choice for the numerical
calculation of a sound field due to the various advantages, such as neglection of back-scattering and good
ways to implement meteorological effects. Precisely, the sound propagation model presented here is based on
calculations using Crank Nicolson method of finite difference method, called the Crank Nicolson Parabolic
Equation (CNPE) method. This method focuses only on the direction of propagation, so that it is efficient and
also suitable for the calculation of large sound fields in free field. The PE method is based on the Helmholtz
equation, which is reduced from 3D to 2D by assuming axial symmetry:

∂ 2q
∂ r2 +

∂ 2q
∂ z2 + k2

eff q = 0, (1)

with the effective wave number keff = ω/ceff, the frequency ω and ceff = c0± vw in the sound field q. The
used cylindrical coordinates r and z are shown in Figure 2. It is assumed that the sound field is excited by
a monopole sound source and that the atmospheric wind is approximated by the effective speed of sound as
shown in Salomons [8].
The discretization of the calculation domain is done by the use of an equidistant grid. The distance of the grid
points is one tenth of the wavelength each (∆z = ∆r = λ/10). In Figure 2, the calculation domain is shown in a

Figure 1. Refraction of sound waves and scattering at
turbulent eddies into the shadow zone.

Figure 2. Sound field with discretization and
boundary conditions.
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principle sketch with the discretization and boundary conditions. The boundary conditions at the lower boundary
of the calculation domain is defined by the acoustic impedance Z. The acoustic impedance varies between fully
reflective (Z→ ∞) and partially to fully absorbing (Z = ρc0, with the density ρ of the absorbing material). A
Perfectly Matched Layer (PML) is used at the upper boundary of the calculation domain to ensure complete
absorption of the sound waves and simulating a free field. In the PML, the wavenumber k is supplemented by
the imaginary part ki:

k =
ceff

ω
+ ki with ki = iAt(z− zt)

2/(zM− zt)
2. (2)

The used heights zM and zt in the calculation of ki are shown in Figure 2. The absorbance At is frequency
dependent. The imaginary part of the wave number causes the amplitude to be attenuated. Due to neglection of
backscattering, the definition of a boundary conditions at the left and right boundary of the calculation domain
is not necessary. The calculation of the sound field q starts at position (0,z). The sound field is computed by a
step-wise extrapolation of q(r,z)→ q(r+∆r,z). The wave number k is independent of the propagation direction
r and a function of the height z. Due to that, a variation of the effective speed of sound with the height exists
enabling the implementation of a refractive atmosphere. A detailed description of the sound field calculation
can be found in West et al. [7] and Salomons [8]. The sound propagation model is verified by a benchmark
case of Attenborough et al. [9] which is described in Hörmeyer et al. [10].

3.1 Implementation of Turbulence
Equivalent to the effective speed of sound ceff, the (acoustic) refractive index n is calculated as follows

n = n+µ =
c0

ceff
. (3)

The refractive index in the turbulent atmosphere varies at each point around an average value n. The turbulent
fluctuations are called µ and c0 describes a reference value of the speed of sound.
Turbulent fields in the atmosphere can be characterized with the Gaussian correlation function B(R) as follows:

B(R) =µ
2e

−R2

a2


, (4)

with µ
2 =

σ2
T

4T 2
0
+

σ2
w

c2
0
. (5)

To ensure that the use of the Gaussian correlation function is valid, the turbulent spectrum is assumed to be
homogeneous and isotropic and is only a „snapshot“ of the time-varying turbulent field [5].
According to Salomons [8], the correlation length in atmospheric turbulence is 1m. The two-dimensional tur-
bulent field is described in R. As stated in equation 5, the variance of temperature σ2

T and wind speed σ2
w

are related to reference values of temperature and speed of sound. For these reference values T0 = 273K and
c0 = 330m/s are used. From a Fourier transformation of the Gaussian correlation function B(R) the spectral
density of a homogeneous random function can be derived. The turbulence is taken into account by multiplying
the sound field by a height-dependent phase factor e(ikµ∆r) after each calculation step.

4 PREDICTION OF SOUND PROPAGATION IN TURBULENT ATMOSPHERE
The randomness of turbulence in the atmosphere leads equally to a randomness of the sound pressure level at
an immission point. For this reason, it is of interest to investigate the uncertainty in the prediction of the sound
pressure level and the probability of reaching a certain sound pressure level at an immission point. Therefore,
the randomness of the turbulence is first determined and second, the distribution of the occurring sound pressure
levels is examined. The frequency dependence of the previously determined results is evaluated afterwards.
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4.1 Influence of Turbulence on Sound Propagation
The simulations of the sound propagation are performed at a frequency of f = 250Hz with a source height of
hs = 5m, a receiver height of hr = 1m and up to a distance of D = 1500m. For the variance of wind speed
fluctuations σ2

w = 1.75 · 10−5 m2/s2 is used, based on literature values of Salomons [8]. The term transmission
loss (TL) is used in the following to describe the decrease of the sound pressure level over the distance. The
sound source is excited with 0dB to represent the relative ratio of the decrease of the sound pressure level.
Accordingly, the relative sound pressure level ∆SPL is also used in the following.
Figure 3 shows the transmission loss in the direction of propagation in an upward refracting atmosphere. In
a non-turbulent and upward refracting atmosphere, a refractive shadow zone is formed. As a result, the sound
pressure level decreases sharply over short distances. If turbulence are present, the relative sound pressure level
in the refractive shadow zone increases and the amplitude fluctuates over the distance.
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Figure 3. Transmission loss in direction of propagation in an upward refracted atmosphere.

The turbulent atmosphere is considered as frozen. Therefore, one realization of the simulation is a snapshot of
the turbulent field. Due to randomness of turbulence, sound pressure level also fluctuates in time and space as
introduced in Ostashev and Wilson [5]. This is shown in Figure 3 as a comparison of a first and a second
realization of the randomness of turbulence. As shown, there are clear variances of the sound pressure level
within the two realizations, indicating the variability of sound pressure level due to randomness of turbulence.
Figure 4 (left) shows the transmission loss in a non-turbulent, upward refracting atmosphere. The refractive
shadow zone is formed at a distance of about 300m. In the refractive shadow zone, the sound pressure level is
significantly lower. The sound propagation in a turbulent, upward refracting atmosphere is shown in Figure 4
(right). The sound waves are scattered clearly into the refractive shadow zone due to the atmospheric turbu-
lence. Consequently, a significantly higher and fluctuating sound pressure level can be expected in the refractive
shadow zone.

4.2 Distribution of Transmission Loss
The high variability in the sound propagation and therefore in the sound pressure level at a point of immission
due to the randomness of turbulence in the atmosphere results in uncertainties in the sound pressure levels in
the refractive shadow zone. To quantify this uncertainty, the histogram of the frequency of occurrence of the
relative sound pressure levels is shown in Figure 5 as an example for an acoustic frequency of 250Hz in a
distance of 500m with a sample rate of 5000 realizations. As shown, the average relative sound pressure level
of the transmission loss is about 66dB. The relative sound pressure levels higher than the average are less
scattered with high occurrence probabilities. Relative sound pressure levels lower than the average, on the other
hand, are widely scattered and have a lower probability of occurrence.
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Figure 4. Transmission loss in non-turbulent (left) and turbulent (right) upward refracting atmosphere at 250Hz.
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Figure 5. Frequency of occurrence of relative sound pressure level in distance of 500m in turbulent atmosphere
with a sample rate of n = 5000.

Since higher relative sound pressure levels and the likelihood of reaching higher relative sound pressure levels
are more relevant for predicting noise immissions, only the part of the histogram up to the mean value is con-
sidered for the following investigations. To evaluate the results, a distribution function is fitted to the histogram
using a maximum likelihood estimation. Several distributions (e.g. normal, logarithmic normal, extreme value,
etc.) are tested and the goodness of their fits are evaluated using a χ2-test. Since a logarithmic normal distribu-
tion can represent the data up to the mean value, it is chosen for further investigations. It should be mentioned
that for all fits positive relative sound pressure levels are assumed to enable for example lognormal fits. The
histogram truncated at the mean value of the data with the fitted lognormal distribution is shown in Figure 6 as
an example for an acoustic frequency of 250Hz. The probability density function of the lognormal distribution
is given by

f (x) =
1

σx
√

2π
· e

− (ln(x)−µ)2

2σ2


, x > 0 (6)

with the mean value µ and the standard deviation σ of the underlying normal distribution [11].

4.3 Frequency Dependence
To investigate the frequency dependence of scattering, the distributions of relative sound pressure levels are
analyzed in frequencies from 125Hz to 2000Hz. The fitted lognormal distributions for all analyzed frequencies
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Figure 6. Frequency of occurrence of relative sound pressure level in distance of 500m in turbulent atmosphere
with a sample rate of n = 5000 and distribution fit of data truncated at the mean value.
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Figure 7. Frequency of occurrence of relative sound pressure level in distance of 500m in turbulent atmosphere
with a sample rate of n = 5000 and distribution fit of data truncated at the mean value for analyzed frequencies.

are shown in Figure 7. It can be observed that with increasing frequency the relative sound pressure level of
the mode, the global maximum of the distribution function, increases from approximately −68dB for 125Hz to
about −59dB for 2000Hz. Likewise, the distance between the mode decreases with increasing frequency thus
a converging behavior can be observed.
For detailed description, the relationship between mode and standard deviation is plotted in Figure 8. The
mode of the lognormal distribution is determined by e(µ−σ2). As before, the mode increases with increasing
frequency and converges. In addition, the standard deviation increases with increasing frequency, indicating that
the histograms of sound pressure levels are more scattered.
As shown in Figure 8, the relative sound pressure levels increase with increasing frequency. Because of shorter
wavelength, the scattering of the sound waves is much greater than at a lower frequency with long wavelengths.
To illustrate this, Figure 9 shows the relative sound pressure level over distance and height of the sound field for
125Hz (left) and for 2000Hz (right) in turbulent upward refracting atmosphere. The effect of sound scattering as
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a function of wavelength is clearly visible. At 2000Hz, the relative sound propagation is much more affected by
the scattering and there is a strongly inconsistent propagation influenced by the turbulence. Higher frequencies
are therefore more affected by sound scattering.

Figure 8. Ratio of mode and standard deviation of the lognormal distributions for analyzed frequencies.

Figure 9. Transmission loss in turbulent upward refracting atmosphere at 125Hz (left) and at 2000Hz (right).

5 CONCLUSIONS
In this paper, the influence of sound scattering by atmospheric turbulences on sound propagation was investi-
gated. In addition, the sound pressure levels varying due to turbulence in refractive shadow zones were analyzed
using numerical simulations. The sound pressure levels at an immission point are subject to temporal fluctu-
ations due to sound scattering caused by atmospheric turbulence. In order to investigate the value range of
the sound pressure levels and the probability of the occurrence of high sound pressure levels, samples were
represented in a histogram.
The distribution of the sound pressure levels can be approximated with a lognormal distribution. The frequency-
dependent analysis of the distributions shows that the sound pressure levels increase with higher frequencies.
This can be explained by the fact that sound scattering due to atmospheric turbulence has a stronger influence
on higher frequencies due to shorter wavelengths. In addition to uncertainties due to the varying sound pres-
sure levels caused by turbulence fluctuations, uncertainties in the distribution of sound pressure levels in the
frequency domain exists.
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In future work, the superposition of atmospheric absorption, sound scattering effects and distance attenuation
will be considered in order to investigate the effects on sound propagation. In addition, the effects of different
atmospheric stratifications will be examined to make a weather-dependent statement about the reliability of
predicting the sound propagation.
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In situ measured facade sound insulation of wind turbine sound 
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ABSTRACT 
In most countries there are regulations of wind turbine sound level outdoors at dwellings. Often there are 
also regulations of the sound levels inside the dwelling, however not often directly aiming at wind turbine 
sound. The sound level indoors from wind turbines has attracted more interest in the latest years, and then 
especially in the low frequency region (up to 200 Hz). Studies on the in situ sound level difference between 
outside and inside of dwellings are however scarce. This paper presents the in situ measured sound level 
difference for two Swedish houses in rural locations, both using a loudspeaker and using the wind turbine 
sound as exciting signal. This is possible due to a 2 month long measurement series with simultaneous 
sound recordings outside and inside. The sound pressure level differences from the two methods are shown 
to differ substantially. 
 
Keywords: Wind turbine sound, sound insulation, low frequencies 
 

1. INTRODUCTION 
Wind turbines produce sound that, as all other community noise sources, can be perceived as 

annoying and self-reported sleep issues [1,2]. Most countries have national regulations that limit the 
noise exposure from wind turbine sound on the outside of dwellings. Some countries also have 
explicit regulations on the sound levels indoor of dwellings, e g Denmark where there is a limit of 
maximum 20 dB(A) sound pressure level from wind turbines in the low frequency region, 10 – 160 
Hz. The Danish regulations states that the low-frequency contribution shall be calculated using 
previously measured sound pressure level differences that are given in the regulation text [3]. In the 
regulations from 2019 there are two different sound pressure level differences; one for regular 
dwellings, and one significantly lower sound pressure level difference for summer houses. These 
sound pressure level differences were measured in a number of Danish houses using a loudspeaker. 

In Sweden there is no explicit regulation for wind turbine sound indoors of dwellings, and a 
general regulation for maximum sound pressure levels is instead used irrespective of sound source 
[4]. Those regulations state limits of A-weighted equivalent levels and linear equivalent levels in the 
1/3 octave bands 31.5 – 200 Hz. 

In the following, the sound pressure level difference measured using both loudspeaker and in situ 
wind turbine sound is presented and compared to the Danish guidelines. 

2. MEASUREMENT SERIES 
A very long measurement series (roughly 2 months) was performed on two houses in Sweden. 

The sound was recorded in audio quality during the whole series in order to ascertain that all 
evaluated sound levels were coming from wind turbines only. The microphones were mounted on the 
facade of each house on a flat measurement board, and equipped with double windscreens. No 
high-pass filter was applied to the signal, and the sampling frequency used was 25.6 kHz thus 
making it possible to evaluate sound pressure levels in the 1/3 octave bands up to at least 5 kHz. 
Meteorological data was simultaneously recorded using a weather station mounted on a 10 m wind 
mast. Thirty-five 10 minute long periods were chosen for the evaluation of the sound pressure level 
differences. The periods were chosen subjectively for strong presence of wind turbine sound, mainly 
identified with perceived amplitude modulation. 
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2.1 EVALUATION OF OUTDOOR SOUND LEVELS 
Figure 1 shows the measured sound pressure level spectra in the 1/3 octave bands between 20 Hz 

and 5 kHz for all periods on house 1. All evaluations have been made in the same way for both 
houses, but detailed measurement data is only presented for house 1. The presented spectra are the 
measured levels, i e not corrected for the facade reflection. For the measurement periods with lowest 
sound levels at high frequencies the noise floor of the measurement system was reached. 

 

 
Figure 1 – Evaluated 1/3 octave band spectra outdoors for all measurement periods at house 1.  

Left: unweighted with respect to frequency; Right: A-weighted levels. 
From the data in Figure 1 it can be seen that the A-weighted total levels are in most cases 

dominated by 1/3 octave bands below 1 kHz. This is due to the lowered sound power level from the 
wind turbines towards higher frequencies, and to air absorption. The high levels in some 
measurement periods at 1-2 kHz is caused by background disturbances, such as bird song or wind 
hiss in nearby vegetation. This has been corroborated through listening to the recorded sound. 

2.2 EVALUATION OF INDOOR SOUND LEVELS 
The sound levels indoors have been evaluated through inspection of the variations of the 

measured sound pressure level with time, and by subjective listening. In house 1, the measurement 
room was not used and the background level was thus sufficiently low at most times to give relevant 
indoor sound levels. The measured sound pressure level spectra for all measurement periods are 
presented in Figure 2. 

 

 
Figure 2 – Evaluated 1/3 octave band spectra indoors for all measurement periods at house 1.  

Left: unweighted with respect to frequency; Right: A-weighted levels. 
Again, the limiting noise floor of the measurement equipment can be seen at the higher 

frequencies. The measured indoor sound levels can be trusted up to the 630 Hz 1/3 octave band 
because of the nosie floor. 
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3. EVALUATION OF SOUND PRESSURE LEVEL DIFFERENCE 
It is tempting just to subtract the levels in Figure 2 from the levels in Figure 1, but before that can 

be done it is necessary to test if such a evaluation would give credible results. Here this is done by 
analysing the correlation between outdoor and indoor levels in each 1/3 octave band. The result for 
this is shown in Figure 3 for selected 1/3 octave bands. 

 

 
 

 
Figure 3 – Correlation between outdoor and indoor sound pressure levels in selected 1/3 octave band  

for all measurement periods at house 1. The x- and y-scales are equal in scale. 
 
In the figures, blue stars represent levels evaluated through standard equivalent levels, i e 

removing the portions that contain subjectively identified background disturbances and then 
evaluating for the equivalent level. Red circles represent equivalent levels identified through the 
existence of amplitude modulation in the A-weighted signal. The amplitude modulation is calculated 
through 

∆𝐿!" =
𝑝! + 𝑝!
𝑝! − 𝑝!

 (1) 

where p0 is the steady-state RMS value of the sound pressure (corresponding to the equivalent 
level), and pf is the RMS value of the sound pressure at the blade pass-by frequency. This 
formulation comes from Lee et al [5]. 

The identification is made for all 10 second clips in each measurement period, and the 
corresponding equivalent level (red circles) is evaluated from the identified 10 second clips. 

It is clear in Figure 3 that there are differences from the methods for individual measurement 
periods, but the overall trend and corresponding global results in each 1/3 octave band are very 
similar. Note that the x- and y-scale have the same scaling in the graphs, so that a slope of 1 dB/dB 
corresponds to a good correlation between indoor and outdoor levels. In the lower frequency bands 
there is a clear correlation between outdoor and indoor levels, which shows that the indoor sound 
levels are indeed coming from the outside. In general, the correlation in each 1/3 octave band should 
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be composed of two straight lines; one horizontal line that corresponds to the background level, and 
one sloped line that is caused by sound coming from outdoors. It has been validated that the 
measurement periods are dominated by wind turbine noise, so it can be concluded that the indoor 
sound levels are wind turbine sound up to 630 Hz. The sound pressure level differences for the 
measurement periods are shown in Figure 4. 

 

 
Figure 4 – Sound pressure level difference for all measurement periods at house 1. 

The grey area represents frequency bands where background noise dominates. 

 
It can be argued that the higher values of the sound pressure level difference are more relevant, 

since background noise disturbances are more likely in the indoor measurement. Here the 70 % level 
has been chosen as relevant for the houses to not exaggerate the sound level difference. A final sound 
pressure level difference using this choice is shown in Figure 5 for both house 1 and house 2 in the 
1/3 octave bands between 31.5 and 200 Hz. These frequency bands are used in Swedish regulations 
of sound pressure levels indoors. 

 

 
Figure 5 – Sound pressure level differences for house 1 (left) and house 2 (right). 

Red dashed line show the 70 % level. 
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The facade sound insulation of both houses has also been measured using the loudspeaker method 
in ISO 16283-3:2016. In those measurements a 15 inch loudspeaker was used for the 1/3 octave 
bands from 125 Hz and upwards, and a high-power subwoofer was used for the 1/3 octave bands 
from 20 to 125 Hz. The results from those measurements are shown in Figure 6 together with the 
results in Figure 5, and with the Danish calculation values from [3]. In the figure it can be seen that 
the in situ measured sound pressure level differences using wind turbine noise as source is 
considerably lower in the low frequency range than both the loudspeaker measurements and the 
values given in the Danish regulations. For house 2 the in situ wind noise measurements are in 
relatively close to both the loudspeaker measurements and the Danish values for summerhouses. The 
difference between the measurements in house 1 and house 2 is that the measurement room in house 
1 was on the upper floor, thus having sound transmission through the roof as well. It is clear that 
using measurement data from a loudspeaker measurement does not necessarily give representative 
values. Further studies on this is clearly needed. 

 

 
Figure 6 – Sound pressure level differences for house 1 (left) and house 2 (right). 

 

4. CONCLUSIONS 
It is shown here that it is possible to measure the sound pressure level difference for wind turbine 

sounds in situ using the wind turbine as sound source. This is however only possible if it can be 
ascertained that the sound on the outside is dominated by wind turbine noise in all relevant frequency 
bands. From long measurement series it was shown here that the sound pressure level difference is 
acoustically relevant, e g it can be the dominating noise source, and the values can differ 
significantly from measurements using loudspeakers. In one case presented here, the in situ 
measured sound pressure levels were significantly lower than values that are available in the 
planning stage of new wind turbines. More studies on relevant values for the sound insulation from 
wind turbine sound are thus needed. 
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ABSTRACT 
We expanded the blade element momentum theory (BEM) for the prediction of the broadband noise of a 
horizontal axis wind turbine. For the prediction of the broadband noise, the acoustic radiation from the 
turbulent boundary layers was applied. From the results of the wind tunnel test, NACA0018 generated the 
humped noise in the attached flow condition, whereas the noise spectra in the separated flow condition made 
the broadband noise. In this prediction methodology, the noise level of the wind turbine could be predicted 
by the model size of the isolated blade and the main dimensions of the objective wind turbine. At this time, 
the relative velocity and the angle of attack became the important parameters. We pointed out that the humped 
noise source in the wind turbine was made from the midspan to the blade tip on the impeller based on this 
methodology. 
 
Keywords: Wind Turbine, Blade, Aerodynamic Noise, Wind Tunnel Experiment 

1. INTRODUCTION 
The horizontal axis wind turbine (HAWT) is a machine that extracts kinetic energy from the wind 

and converts it to mechanical energy. In Myanmar, the windy area such as sea side and flat land in the 
middle of the country has wind speed up to 6 m/s where wind turbine can be generated well. However, 
in actual operating condition of the wind turbine, the aerodynamic noise becomes one of the important 
technical issue. Especially, to predict the broadband noise which is generated from the airfoil is 
important technical issue for the development of HAWT. The detailed review on the aerodynamics of 
the wind turbine rotor is described by Herman Snel (1); the blade element momentum theory (BEM) 
in the two dimensional has been explained in the article. The BEM is the methodology for the analysis 
on the fluidic properties of the blade in which the annular momentum is used for the global flow 
region. The BEM has been used for the analysis on the aerodynamic properties of the wind turbine, 
especially, for analysis of the initial development stage. Recent year, a lot of researchers are using a 
commercial CFD code; however, in the present stage, a lot of CFD can guarantee the high accuracy 
to solve the complicated turbulent boundary layers on the simple model, but cannot provide sufficient 
accuracy for the prediction of the aerodynamic noise. Thus, in the initial design stage, to supply the 
suitable methodology can enhancement the design the high performance wind turbine.  

In this study, we expand the blade element momentum theory for the prediction of the aerodynamic 
noise of the HWAT. First of all, the characteristics of NACA0018 isolated blade until the deep stall 
condition are clarified by the wind tunnel experiment. Moreover, for the prediction of the broadband 
noise, the theory of the aerodynamic noise generated by the turbulent boundary layers is applied (2). 
Finally, we discuss the characteristics on the spectral distributions of the broadband noise which is 
generated by the wind turbine that of 20m diameter. 

 

                                                        
1 souichi@nagasakiu.ac.jp 
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2. EXPERIMENTAL SETUP 
Fig.1 is the overview of the examined isolated blade. We employed NACA0018 for the wind tunnel 

experiment. The chord length is 100mm, the span length is 400mm. In Fig. 2, the experimental setup 
of the wind tunnel experiment is shown. When the Reynolds number at the nozzle exit is 1.3×105, the 
turbulence of the main flow was less than 0.5%. A 1/2inch microphone (OnoSokki, LA4350) is set 
in 90° to the main flow at 1.0 m distance from the trailing edge. The frequency response is analyzed 
by the FFT analyzer (OnoSokki, CF5210). The angle of attack is the angle between the center line 
of the blade and the incoming flow. The nozzle size is 400mm×400mm. The lift force and drag force 
are measured by the load cell which has capacity of 25 N (Tech  Gihan, TL2B0925N). The lift 
coefficient CL and drag coefficient CD are defined as;  

3 3
2 2,L D

L DC C
V A V Ar r

= =  (1) 

where, L is the lift force, D is the drag force, ρ is the density of the fluid, V is the main flow velocity, 
A is the reference area.  

  
Fig. 1 The examined blade (NACA0018)       Fig. 2 Experimental setup of the wind tunnel 

                                 
Fig.3 is the schematic view of objective impeller of the wind turbine. The impeller is separated 

into 10 segments to analyze the characteristic of the fluid force and the aerodynamic performance. 
NACA0018 airfoil is used for every segments. The radius and the chord length of each segment are 
described in Table 1. Reynold number based on the chord length at the blade tip is 4.5 × 10 5. 
 

                                                 Table 1 Specifications of each segment 

  
Fig. 3 Schematic virew of the objective impeller 

1000100010001000100010001000100010001000

10000500

radius chord Blade shape
10.5 0.31

NACA0018

9.5 0.38
8.5 0.44
7.5 0.50
6.5 0.56
5.5 0.63
4.5 0.69
3.5 0.75
2.5 0.81
1.5 0.88
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3. EXPANSION OF BLADE ELEMENT MOMENTUM THEORY 
The blade element momentum theory (BEM) is used to calculate the local forces on a propeller or 

wind turbine blade. The velocity component of the relative velocity W is given by induced factors " a 
" and "a ́ " as shown in Fig. 4. The two factors are given as; 
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where, σ is the local solidity at the position r, c is the chord length, B is the number of blades. The 
angle of attack α can be calculated by the yaw angle φ and the pitch angle θ as; 

qfa -=  (2) 

Then, the relative velocity is expressed as Eq. (3).  

( ) ( )22 )1()'1( aVarW -++W=  (3) 

When we take into account of the output power of the wind turbine, the power can be estimated by 
the integral from hub side to tip side as; 
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Fig. 4 Schematic view of the blade element method 

 
According to reference (2), the sound power radiation by a number of flat plate or airfoils, each 

having a surface pressure distribution caused by turbulent boundary layers, may be written as; 
3

3
0

( )
6 pp

dE N b W
d a

w
w p w r
= φ  (5) 

where, E is the sound power, N is the number of blades, b is the blade span, W is the relative velocity, 
φpp is the wall pressure spectrum density. The statistical wall pressure spectrum density is given as (2); 

32310 Wpp dr-=φ , 
200930 .

eRc.δ -=  (6) 

where, δ is the boundary layer displacement thickness. When the frequency is normalized by the chord 
length c and the relative velocity W, the equation (7) is established. 
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The ratio on the sound pressure p2 of the measured value of the model in the wind tunnel test to the 
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target value of the blade element in the actual wind turbine is given by; 
3 22 2
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where, subscript m is the model value, o is the objective value of the blade element for the target wind 
turbine. In the case of the noise level, since decibel notation is common, let me express equation (13) 
as logarithm 
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In the experimental analysis of the broadband noise using the scaling law, the target noise level of the 
wind turbine can be predicted by the model size of the isolated blade and the scale of the actual wind 
turbine. 

4. RESULTS AND DISCUSSION 
In Fig. 5, the lift coefficient and drag coefficient of NACA0018 are shown. The main flow velocity 

is 20.4 m/s. The Reynolds number based on chord length is 1.3 ×105. The solid line is the lift 
coefficient calculated by Xfoil (3). The circle symbol is measured values of the lift coefficient by wind 
tunnel experiment. The lift coefficient of the measured value is almost same as the calculated value 
within the attached flow domain. The stall point of the blade is approximately 16 °. Although measured 
drag coefficient is small at the attached flow domain, the measured drag coefficient agrees well with 
the calculated value within the attached flow domain. When the angle of attack exceeds the stall point, 
the drag coefficient starts to increase. 
 

  
 

(a) lift coefficient                              (b) drag coefficient 
 

Fig. 5 Aerodynamic characteristics of the NACA0018 
 

The spectral distributions of aerodynamic noise generated from NACA0018 with different angle 
of attack are compared in Fig. 6. The broken line is the background noise level of the wind tunnel. We 
can notice that the noise level in the high frequency domain than that of the 2000Hz cannot be 
measured because the noise level is not different from the background noise. In the angle of attack 0°, 
the humped noise spectra become large in where the frequency is around 1000 Hz. This noise may 
generate by the wake vortices in the wake of the blade. In overall noise level, the maximum noise 
level was at the angle of attack 70 °. The noise spectra in such a deep stall condition becomes large in 
the low frequency than that of the other frequency domain. This results indicated that the low 
frequency noise becomes dominant for the overall noise level in the deep stall condition. 

In Fig. 7, the output power of the wind turbine analyzed by the BEM is presented. The blade 
element in each segments is NACA0018 with pitch angle 30 °. The diameter of the impeller is 21 m; 
the rotation speed is 20 rpm. The common wind velocity is within 5 to 8 m/s, so that the design 
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condition is defined as 6 m/s, whereas the wind velocity 12 m/s is defined as the offdesign condition. 
The prediction indicates that the design condition of the pitch angle 30 ° can generate more output 
power than the other conditions in the offdesign condition. The wind turbine can produce the 
maximum output power 25 kW at the wind velocity 12 m/s. 
 

    
Fig. 6 Spectra of the aerodynamic noise (NACA0018)        Fig.7 Output power of the wind turbine 
 

In Fig. 8, the relationship between the radius from the impeller of the wind turbine and the angle 
of attack in each blade element is shown. The circle symbol is the design condition (6 m/s); the 
rectangular symbol is the offdesign condition (12 m/s). In the design condition, most of the blade 
elements become the attached flow. In the offdesign condition, the flow regime becomes the separated 
flow condition from the midspan to the hub of the impeller. The relative velocity distributions in each 
operation condition are compared in Fig. 9. The relative velocity in the offdesign condition becomes 
fast then that of the design condition. The both velocity distributions increases from hub side to the 
blade tip. 
 

    
 

Fig. 8 The radius and the attack angle        Fig. 9 The radius and the relative velocity 
 

In Fig. 10, the predicted noise spectra generated from the wind turbine in the different operation 
condition are compared. The thin black line is the design condition; the thick red line is the offdesign 
condition. In the both operation conditions, the noise level becomes large in the vicinity of 4000 Hz. 
This humped noise may the broadband noise which is generated by the Karman Vortex shedding. 

The noise spectra in each span position analyzed by the BEM is shown in Fig. 11. The distance 
between the sound source and the microphone assumed 100 m. The predicted noise spectra indicated 
that the noise spectra become broadband noise at the hub side, and the noise level becomes sufficient 
low; whereas the blade elements from the tip side to mid span generate the hump noise at high 
frequency domain. 
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5. SUMMARY 
We proposed the prediction methodology for the broadband noise generated by the wind turbine 

based on the blade element momentum theory. From the results of the wind tunnel test, NACA0018 
generated the humped noise in the attached flow condition, whereas the blade generated the broadband 
noise in the separated flow condition. Moreover, in the deep stall condition, the broadband noise in 
the low frequency domain increased. The broadband noise in the offdesign condition became large 
than that of the design condition. We clarified that the humped noise source in the wind turbine was 
made from the midspan to the blade tip on the impeller. 
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Fig. 10 Comparison on the noise spectra in the 

design and offdesign operation condition 
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Fig. 11 Noise spectra in each span position 
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 Extraction of Interface Wave Dispersion Curves from  

Ocean Ambient Noise 
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ABSTRACT 

Interface wave dispersion measurements have been widely used in geoacoustic inversion to estimate seabed 

shear-wave speed profile over the past years. This paper extracts interface wave dispersion curves from the 

cross-correlations retrieved from ocean ambient noise. This technique requires an isotropic distribution of the 

noise sources in order to ensure reliable travel-time estimates obtained from the cross-correlations. However, 

real ambient noise fields are often influenced by highly coherent, directional sources generated by ships, 

earthquakes and other human activities, resulting in a bias of the travel-time estimates. In order to reduce the 

influence of energetic, directional sources, an eigenvalue-based approach is proposed and applied to the 

eigen-spectrum of the sample covariance matrix. This approach separates the eigen-spectrum into different 

components based on the statistical model of the covariance matrix and attenuates directional noise and 

self-noise related components by a sequential hypothesis tests. This procedure is applied to a dataset of ocean 

ambient noise recorded by a cable. The total recording time is 1.02 hours with a sampling interval of 2ms. 

The method shows a clear improvement compared with classical temporal and spectral normalization 

approaches and makes it possible to obtain reliable dispersion measurements over a short recording period.  

 

Keywords: Interface wave dispersion, Ocean ambient noise, Cross-correlation 
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ABSTRACT 

In connection with the development of an acoustic observatory for sperm whales off south Crete an array of 

three moored hydrophones is considered. It is known that range, depth and bearing of a pulsed source can be 

estimated using a pair of hydrophones by exploiting the time differences between direct and surface-reflected 

arrivals. However, that approach suffers from left-right ambiguity, as well as from increased range/depth and 

azimuth uncertainty for source locations close to the broadside and the endfire of the two hydrophones, 

respectively. The addition of a third hydrophone, not aligned with the other two, removes the left-right 

ambiguity and can also lead to reduced uncertainties in range, depth and bearing estimation by increasing the 

spatial diversity, associated with the different orientation of each hydrophone pair. Furthermore, this 

configuration allows for range approximation by combining simple bearing estimates based on time 

differences of direct arrivals at the different hydrophone pairs, e.g. in cases where surface-reflected arrivals 

cannot be resolved. The presentation will focus on the benefits from the use of the three-hydrophone 

configuration compared to localization with a pair of hydrophones. [Work partially supported by the Stavros 

Niarchos Foundation / ARCHERS project]. 

 

Keywords: Underwater Sound, Pulsed Source Localization, Ray Theory 
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ABSTRACT
This paper considers a Bayesian inference approach to model selection, parameter estimation, and 
uncertainty quantification in seabed geoacoustic inversion, with application to three ocean acoustic data sets 
of different types collected as part of the 2017 Seabed Characterization Experiment (SBCEX17). The 
inversion approach is based on trans-dimensional (trans-D) sampling, which considers the number of seabed 
layers as an unknown parameter in the inversion. Trans-D sampling is carried out with the reversible jump 
Markov chain Monte Carlo algorithm, which constructs a Markov chain that samples from the posterior 
probability density (PPD) of the geoacoustic model parameters. Wide but efficient sampling of the trans-D
parameter space is achieved using principal-component reparameterization and parallel tempering. The 
data-error model is based on the assumption of multivariate Gaussian errors with correlations represented by 
an autoregressive process—trans-D sampling of zeroth- and first-order autoregressive processes is applied to 
avoid over- or under-parameterizing the error model. The Bayesian inference approach is applied to three 
acoustic data sets from the New England Mud Patch during SBCEX17, including wide-angle 
(spherical-wave) reflection coefficients collected using a moored receiver and towed source; dispersion of 
water-borne acoustic modes using a single source and receiver, resolved by warping analysis; and 
matched-field inversion of ship-of-opportunity noise recorded at a bottom-mounted horizontal receiver array.
Inversion results are presented in terms of marginal posterior probability profiles of sediment geoacoustic 
parameters (sound speed, density, attenuation), quantifying parameter uncertainties. Results for inversions of 
different data types are found to be in good agreement with each other, and with other independent measures 
of sediment properties, including cores and a high-resolution seismic survey. In all cases, the inversion results 
indicate geoacoustic properties that are approximately constant with depth over an upper mud layer, with a
strong (positive) sound-speed gradient at the base of this layer, consistent with increasing sand content. 
Below this are higher-speed, higher-density layers, consistent with sand. Full results are presented in (1-3).

Keywords: Geoacoustic inversion, Bayesian inference, Sediment acoustics
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aid benefit 
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ABSTRACT 
One aim of the Better hEAring Rehabilitation (BEAR) project is to define a new clinical profiling tool, a test 
battery, for individualized hearing loss characterization. Recently, Sanchez-Lopez et al. (2019) proposed a 
test battery that includes six types of measures: audibility, middle-ear analysis, speech perception, binaural-
processing abilities, loudness perception, and spectro-temporal resolution. The results of 75 listeners were 
analyzed using a data-driven approach (Sanchez-Lopez et al., 2018), which provided evidence for the 
existence of two independent sources of distortion and four different auditory profiles. The classification of 
the listeners into auditory profiles allows the prediction of the performance of the listeners on different 
psychoacoustic tasks as well as their expected aided speech intelligibility. For clinical practice, a decision 
tree with a small set of highly predictive tests is desirable for an efficient classification of hearing-impaired 
individuals. The main aim of the present study was to investigate the optimal decision tree and to propose a 
clinically feasible test battery with a minimum number of tests for accurate listener classification. The clinical 
test battery will be used in a large-scale field study that will help implement a hearing-aid fitting protocol for 
better hearing rehabilitation. 
 
Keywords: Audiology, data-driven, supra-threshold distortions 

1 INTRODUCTION 
The Better hEAring Rehabilitation (BEAR) project pursues the development and implementation 

of new methods for the diagnosis of hearing deficits as well as new hearing-aid compensation 
strategies to improve hearing rehabilitation. Since digital hearing aids were introduced to the market, 
hearing-aid users have reported increased benefit (1), probably because of the advanced signal 
processing techniques (or features) that are now commonly available, such as directionality, noise 
reduction and dynamic range compression. However, the hearing-aid fitting is still based on the 
audiogram only which provides the basis for frequency-dependent gain prescription. The other 
features are adjusted based on preferences and not according to the individual auditory deficits of the 
user. Furthermore, in hearing care clinics it is common to “fine-tune” some hearing-aid parameters 
during follow-up visits (2). If the initial fitting is near-optimal, the follow-up visit may focus on 
individualization of the fitting parameters according to the “life-style” of the patient. However, if the 
initial fitting is far from optimal, the audiologist needs to tailor-fit hearing-aid parameters to the 
hearing deficits of the listener by “trial-and-error”. The BEAR project attempts to improve this 
situation by identifying groups of listeners – or “auditory profiles” – with specific performance 
patterns on a range of threshold and supra-threshold tasks and by providing tailored solutions with 
proposed dedicated hearing-aid compensation strategies for each auditory profile. 

 
In an attempt to identify the auditory profiles, Sanchez-Lopez et al. (3) hypothesized that the 

hearing deficits of a given listener can be described as the combination of two independent types of 
auditory distortions. The hypothesis was based on the idea that each type of distortion can cause both 
threshold and supra-threshold deficits and that these deficits are not necessarily independent. In Figure 
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1.a), the two types of distortions create a two-dimensional space where a given listener’s location is 
determined by the degree of severity of these distortions. As a result, the listener can be identified as 
belonging to a certain auditory profile. As shown in Figure 1, normal-hearing listeners are located at 
the bottom left-hand corner, exhibiting no distortions. Profile A corresponds to a group with minor 
distortions and therefore good performance in general. Profile C exhibits a high degree of both types 
of distortions. Profile B exhibits a high degree of distortion type I. Profile D shows a high deg ree of 
distortion type II. Using a data-driven approach (3), four auditory profiles were identified by analyzing 
the data from two previous studies, providing evidence for the validity of this approach. However, the 
substantial differences in terms of listeners and tests applied in these two studies limited the overall 
conclusions that could be drawn from this work. 

 

 
Figure 1 – Hypothesized auditory profiles together with the results of the data-driven profile identification. 

Left panel: The listeners are placed in a two-dimensional space along two dimensions of auditory 

distortion. Right panel: Using a data-driven analysis, listeners are placed in the two-dimensional space as a 

function of their probability of belonging to a specific profile. 
 
 

  In order to overcome the aforementioned limitations discussed in (3), a new test battery including 
a range of supra-threshold psychoacoustic tests was proposed and evaluated in 75 listeners with 
various types of audiometric configurations. Additionally, the test-retest reliability of the new test 
battery was investigated in a subset of 11 listeners (4). The dataset obtained in this manner will in the 
following be referred to as BEAR3. For the classification of the 75 listeners, unsupervised learning 
techniques were used to carry out iterative auditory profiling based on the data-driven approach (5). 
After this analysis, 70 of the 75 listeners were reliably identified as belonging to one of the four 
auditory profiles A-D and the remaining five listeners (shown in grey in Figure 1) were left 
unclassified. However, this iterative unsupervised method requires the entire dataset to identify the 
four groups and is therefore not suitable for the classification of new listeners. Decision trees are a 
well-known simple classification tool that may prove useful for classifying unseen data, i.e. new 
listeners. The efficacy of decision trees can be explored by evaluating their classification performance 
(6).  

 
When implementing a new protocol for diagnosing a specific disease in the clinic, it is crucial to 

evaluate its ability to correctly identify the patients who are affected by the health problem under 
consideration. In general, two types of errors can occur in this classification process: truly affected 
patients may be “missed” (false negatives) and healthy patients may be “misclassified” as being 
affected (false positives). Confusion matrices are typically used to quantify the test performance of a 
classifier. In addition to the classification performance, it is of interest to investigate the cost 
efficiency of a new clinical protocol (7) by estimating the cost of having false negatives or false 
positives as well as the benefit that the correct classification would provide. 

 
The goal of the current study was to develop a decision tree for a large field study to be conducted 

as part of the BEAR project, where listeners will have to be classified into the four hypothesized 
auditory profiles. It is also of interest to identify an additional group of unclassified listeners (Uc) 
who do not seem to belong to any of the four primary profiles. The BEAR3 dataset was used for 
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investigating the accuracy and efficiency of different decision trees. Using supervised learning 
techniques, different classification strategies were tested and evaluated in terms of both test 
performance and cost effectiveness. 

2 Methods 
Decision tree classifiers were trained for predicting the identified auditory profiles from (5) using 

supervised learning. The analysis of the cost efficiency was based on considerations made in the 
context of the aforementioned field study to be carried out in different hearing clinics. These 
considerations cover the recruitment of a random sample of 500 listeners where at least 60 listeners 
per profile are expected. 

 

2.1 Classification methods 
  The classification of the listeners into the four auditory profiles was performed using supervised 
learning with tests that showed good to excellent reliability as input, and the labels of the four auditory 
profiles as well as the unclassified group (Uc) as output. The classification algorithm used here was a 
standard classification and regression tree (CART), which makes use of recursive binary partitions in 
order to fit the data to the best set of binary decisions or splits (8). Four classification schemes were 
considered: 
 

 DTA: A simple classification based only on the audiogram. 
 DT10: A multi-label “fitted” classification. Decision tree based on all reliable tests and 10 

binary decisions. 
 DT7: A multi-label “pruned” classification with seven binary decisions.  
 DT4: A multi-label “pruned” classification with four binary decisions. 

 

 
Figure 2 – Top panel: The complete decision tree (DT10). Bottom panel: The four decision trees considered 

in the present study. DTA: Audiometry-based classifier, DT10: Same as in top panel; DT7: Decision tree 

with seven binary decisions (DT10 with three pruned splits), and DT4: Decision tree with four binary 

decisions (DT10 with six pruned splits). 
 
Figure 2 illustrates the complete classification tree (DT10). Each diamond (split) corresponds to a 

logic rule related to a given variable, for example HLHF > 45 dB HL. The right branch corresponds to 
poorer outcome and the left branch to better outcome. The details of the logic rules are not shown 
here. The decision trees DT7 and DT4 are the result of pruning the decision tree DT10 by discarding 
some of the nodes, as illustrated in the figure. 
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2.2 Test performance and cost-efficiency evaluation 
In order to evaluate both the classification performance and the cost efficiency, a dataset was 

created for bootstrapping. The original dataset was copied seven times which resulted in 525 
observations. Next, the specific standard error of the measurements (SEM) of each test (4) was used 
for introducing some uncertainty (additive Gaussian noise) in the outcomes to simulate the data from 
the aforementioned field study. Confusion matrixes were then calculated for 100 iterations and the 
cost-efficiency was estimated. 

 
The cost-efficiency was calculated based on (7) and adapted for the multi-label case. Consider a 

2x2 matrix of costs C. Following the previous assumptions, C00 is the cost of a true negative, i.e. a 
participant to be excluded from the study or correctly “not-classified” as a given profile. The cost C00 
would be equal to the session cost. C11 is the cost of a correct classification. C01 and C10 correspond 
to false positives and false negatives, respectively, which would introduce outliers in the final results. 
These would be equal to the cost of misclassification. Additionally, consider the matrix P with the 
probabilities of each of the previous cases, where P11 is the probability of correct classification, P00 
that of correct rejection, and P01 and P10 those of the two types of misclassification. The expected cost 
is the Hadamard product of the P and C matrixes: 

 
 (1) 

This generic expression can then be simplified due to the fact that the probability of belonging to 
a given class   not truly belonging to that group   is equal to 

. The index i denotes the predicted class and the index j the actual class. Therefore, 
the expression can be simplified to: 

(2) 

where  is defined as 

(3) 

 
Given that the probabilities can be calculated in terms of the specificity and sensitivity, Equation 2 
can be written as follows: 

 (4) 

Equation 4 provides the extension of the expected cost as defined in (7) but for the multi-class case. 
It was used here to calculate the expected cost for each iteration to estimate the final expected cost 
per session. 
 
2.2.1 Cost assumptions 

The following assumptions were made:  
 Test cost: Each additional test that is not part of current clinical practice incurs costs for 

the implementation, the training of the examiners and the documentation. Uus et al. (9) 
analyzed the costs of implementing a newborn screening program. The average set-up cost 
across 16 sites for implementing two tests was £665 for 1000 infants. Therefore, in the 
present study, a hypothetical total cost of $600 was considered for a field study that 
involves 500 listeners. The cost per new test per session would therefore be $1.2. 

 Session cost: The duration of the session has a cost that involves the salary of the examiner 
and the use of the facilities. Taking the average of the costs suggested in (10–12) and 
assuming that one session lasts for one hour, this leads to a hypothetical cost of $60 per 
session or $1 per minute. 

 Correct classification: The correct classification of a given listener increases the 
probability for the study to be successful. As suggested in (7), this should involve the long-
term benefits, including the future reduction of follow-up visits in the clinics if the project 
is a success. In this case, we limited the expected benefit to the reduction of follow-up 
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visits. Tecca (13) recently studied the number of visits and the incidence of hearing-aid 
fitting-related complaints during the first six weeks of hearing aid use. It was shown that 
the first and second visit involved changes in the gain and advanced features in more than 
70% of the cases. Since the new BEAR fitting rationale aims to provide a better first-fit 
solution, a cost of one follow-up visit ($60) was considered here. 

 Misclassification cost: The cost of classifying the listener as belonging to a different 
auditory profile would correspond to the extra efforts used for this  listener to obtain their 
optimal fitting, i.e. follow-up visits. Here, it is assumed that these listeners would be 
unsatisfied with their fittings because that corresponds to any other auditory profile and 
that this would lead to two extra follow-up visits for fine-tuning and verification ($120). 

 
Table 1 shows the characteristics of each of the considered classifiers in terms of number of tests, the 
duration of the session and the total test cost and session cost.  
 

Table 1- Description of the four classifiers in terms of number of tests, duration and costs. The number of 

tests includes the outcome measure HINT by default even in the case of DTA and DT4 where this test is not 

part of the decision trees. 
Decision 

Trees 
Description Number of 

tests 
Duration 

(min) 
Test cost ($) Session cost 

($) 

DTA Audiometry classifier  1 27 1.2 28.2 

DT10 Complete classifier 5 68 6 74 

DT7 Pruned classifier I 4 41 4.8 45.8 

DT4 Pruned classifier II 3 34 3.6 37.6 

 

3 Results  

3.1 Classification performance 
The four classifiers were tested with a constructed data set based on the original data of the BEAR3 

data after applying bootstrapping. Figure 3 shows the confusion matrices of the four classifiers. 

 
Figure 3 – Confusion matrices corresponding to one single iteration of classification for each of the four 

tested decision trees.  
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The audiometry-based classifier (DTA) was able to correctly predict 67% of the data with a low 

sensitivity in the predictions of profiles B and C and a low specificity in the case of profile D (19%). 
The classifiers DT10, DT7 and DT4 had an overall accuracy of 85%. However, they differed in terms 
of the specificity and sensitivity for each of the profiles. DT10 and DT7 were able to identify some 
Uc listeners correctly. In contrast, while DT4 lead to a higher specificity in the classification of profile 
D, it had the disadvantage that all the Uc listeners would be classified as any of the four profiles. The 
main difference between DT10 and DT7 was the sensitivity, especially for the Uc listeners. DT10 was 
more accurate for the Uc listeners, and it had also higher specificity for some of the other profiles. 
DT7 predicted less Uc listeners and misclassified more true B listeners, but had also higher sensitivity 
for profile C. Overall, the decision trees that contain binary decisions for identifying Uc listeners 
(DT10 and DT7) were both more accurate and more specific. 

3.2 Expected cost 
The expected cost was calculated according to Equation 4. Additionally, the total expected cost of 

the field study was estimated by the sum of the fixed costs, the planned sessions for 500 listeners 
recruited randomly, and the additional sessions needed for fulfilling the requirement of testing 60 
listeners in each profile. 

Figure 4 shows the expected costs. The left panel illustrates the differences among the four decision 
trees where DTA resulted in higher costs than the other three classifiers. DT10 provided higher cost-
efficiency with $4 gained per listener, followed by DT7 and DT4 with $1.5 each per listener. The right 
panel of Figure 4 shows the total cost of the field study. The audiometry-based DTA classifier was the 
one with the lowest fixed and planned costs but the highest total cost. This is because of the risk of 
misclassification, which requires numerous additional listeners to get 60 subjects in profile D, with a 
total of 1992 listeners. DT10 and DT7 required a similar number of listeners (~675 listeners in total) 
but differed in the session cost, making DT7 a cheaper decision tree overall. The last decision tree 
DT4 provided the lowest total cost and required a lower number of additional measurements (564 
listeners in total). However, the disadvantage is that DT4 cannot identify Uc listeners and would 
therefore classify them as belonging to one of the four auditory profiles. If the aim is to achieve a low 
number of misclassified listeners, this classifier would not be the optimal choice.  

 

 
Figure 4 – Expected classification cost per session and total classification cost. The total classification cost 

involves the costs of the implementation of new tests (Fixed), the session costs for 500 listeners 

(Sessions500) and the cost of additional sessions (SessionsAdd). 

 
Overall, the results suggest that DT10 would be the best candidate for the considered field study, 

due to its higher sensitivity and specificity. Moreover, the clinical test battery that can help to better 
define the auditory profiles in a larger population by gathering information related to auditory spectro-
temporal resolution, speech intelligibility, loudness perception and binaural processing abilities.   
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4 Discussion  
The results of the present study speak in favor of a reduced test battery based on five tests included 

in DT10 for classifying listeners in clinical practice. These tests include adaptive categorical loudness 
scaling (ACALOS), the hearing in noise test (HINT), the binaural pitch (BP) test, the frequency 
threshold for identifying interaural phase differences (IPD), and a fast version of the spectro-temporal 
modulation sensitivity test (fSTM). As such, the proposed clinical version of the test battery covers 
four domains: loudness perception, speech-in-noise intelligibility, binaural processing abilities and 
spectro-temporal resolution. Although the original BEAR test battery also involved tests related to 
audibility and middle-ear analysis (as well as some additional tests in the four covered domains), the 
five tests were found to be the most informative and reliable for the classification of the listeners  in 
auditory profiles. 

 
The ACALOS test is able to estimate hearing thresholds, which are comparable to the ones 

provided by pure-tone audiometry (14). In the present study, these estimates were used as the most 
informative predictors for the fitted classifier (DT10) instead of the audiometric thresholds. ACALOS 
is also able to provide supra-threshold information related to loudness perception, such as the slope 
of the growth of loudness, the most comfortable level and the overall dynamic range. Therefore, the 
use of ACALOS could be of interest not only for the purpose of auditory profiling but also for hearing-
aid fitting. For example, it would provide information about the growth of loudness of the patient that 
could guide fine-tuning of the gain at different input levels. Moreover, fitting formulas based on 
loudness normalization could be refined if loudness is measured with this technique (15). 

 
The results of the fSTM test showed that profile C listeners have significantly poorer performance 

than listeners belonging to profiles A, B or D. This makes this new test quite interesting for 
classification. Additionally, the HINT results showed that profile B and C listeners had elevated 
speech reception thresholds in noise, suggesting that hearing-aid outcome will improve for these 
listeners if advanced processing is able to increase effectively improve the signal-to-noise ratio. 
Therefore, it would be interesting to investigate whether the tests involved in DT4 only (ACALOS, 
fSTM) are sufficient for a short version of the clinical test battery. Moreover, these tests are not 
language-dependent, in contrast to HINT. Although DT4 could be more easily adopted by the public 
health centers due to the cost-efficiency and shorter duration of the tests (35 min), the use of more 
informative tests, including the complete decision tree (DT10), should be of higher priority for a field 
study with research as the main purpose.  

 
The unclassified group can only be identified using DT10 or DT7. It is of interest to identify this 

group during the field study further explore their supra-threshold auditory performance, which could 
help better understand the consequences of hearing loss in those listeners. 

5 Conclusion 
The results of the present study support the implementation of new audiological tests in the clinic 

to achieve a more comprehensive definition of the hearing abilities of patients with hearing loss. Four 
decision trees were evaluated in terms of classification performance and cost efficiency. The most 
informative and reliable tests beyond the audiogram were found to include the evaluation of spectro-
temporal modulation sensitivity, loudness perception and binaural processing abilities . The BEAR 
clinical test battery will be evaluated in a large-scale study together with the new profile-based 
hearing-aid fitting strategies. The BEAR clinical test battery based on DT10, and proposed for such a 
field study, is available in a public repository1. 
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ABSTRACT 
The current study forms part of the Better hEAring Rehabilitation (BEAR) project, which aims to develop 
and evaluate new clinical tools for individual hearing loss characterization and hearing aid (HA) benefit 
assessment. The purpose of the current study was to assess the interaction between four different auditory 
profiles and two measures of hearing aid outcome obtained for six selected hearing aid processing strategies. 
Sixty older habitual hearing-aid users, who had previously been classified in four auditory profiles by a data-
driven approach, participated in the study. All stimuli were generated with the help of a hearing aid simulator 
and presented via headphones. Speech recognition in noise was assessed at fixed signal-to-noise ratios based 
on individual 50%-correct speech reception thresholds measured in a realistic noise environment. Subjective 
ratings of overall quality and noise annoyance were measured using a multiple stimulus comparison paradigm. 
The four auditory profiles differed significantly in terms of the aided speech reception threshold (SRT) and 
interacted significantly with the HA processing strategies for speech recognition when target speech was 
presented at 90-degrees.  Moreover, the correlations between the sentence recognition scores and subjective 
ratings differed among the auditory profiles. 
 
Keywords: hearing-aid processing strategy, auditory profiles, hearing-aid evaluation 

1. INTRODUCTION 
Although modern hearing aids typically come with various advanced signal processing schemes, 

the treatment efficacy of these schemes in terms of hearing-aid (HA) fitting is still a matter of debate 
(1-4). A key issue is typically how much a given HA fitting can improve speech perception under 
adverse listening conditions (5). Even though the mechanisms governing speech understanding under 
adverse conditions are still not fully understood, it is important to investigate how benefit and 
preference from different hearing aid processing schemes varies from person to person.  

HA fittings are typically evaluated using both objective and subjective outcome measures. 
Regarding objective measures, speech recognition in noise is the “gold standard”(5). A large number 
of studies have investigated how specific HA fitting parameters affect speech recognition performance, 
including directionality (e.g. (6, 7)), noise reduction (e.g. (8, 9)) and dynamic range compression (e.g. 
(10)). Subjective hearing aid outcome has also received much attent ion in the research literature, 
mostly using questionnaires (11, 12). Despite them enjoy a number of advantages such as reflecting 
real-life experience and having a well-established application in the clinic, there are disadvantages of 
using functional auditory assessments in evaluating HA outcomes. Especially for evaluating HA 
processing schemes, it is hard to verify and analyse how the processing of the acoustic input can affect 
the perception of the participants. For those reasons, other forms of subjective measures appear to be 
more suitable for HA evaluation. For instance, a multi-stimulus comparison test such as the well-
known MUSHRA paradigm (MUlti Stimulus test with Hidden Reference and Anchor, (13)) is a time-
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efficient subjective measure applicable for evaluating hearing devices, which is also suitable for 
listeners with no technical experience (14-16).  

It is well established that HA benefit can vary substantially across individuals. To achieve more 
individualized HA fittings, the BEAR project was recently initiated with the overall aim of developing 
new clinical tools for individual hearing loss characterization and hearing aid benefit assessment. 
Inspired by literature findings on supra-threshold hearing deficits, or “distortions”; e.g. (17-19), 
Sanchez-Lopez et al. (20-22) developed a test battery and a data-driven approach for classifying 
hearing-impaired listeners into four distinct auditory profiles. Under the assumption that these profiles 
benefit from different HA treatments, the current study hypothesized that the four auditory profiles 
would diverge in terms of their outcomes from different hearing aid processing strategies. To test this 
hypothesis, six HAs were evaluated using different objective technical outcome measures to represent 
different aspects of possible distortions in signal processing (23). In the present study, the selected 
HA settings were experimentally evaluated by a group of listeners previously divided into four groups 
based on their performance in an auditory test battery (22). 

To achieve validity, hearing-aid outcome measures resulting from a perceptual evaluation should 
reflect real-life challenging noisy situations as much as possible (5). Older people with hearing loss 
particularly struggle with communication in noisy environments, for example a dinner table scenario 
with competing talkers and other distracting sounds (24, 25). Older listeners also find it difficult when 
the target speech is not coming from the front (26).  

Our experimental design included listening scenarios in two spatial conditions with target speech 
presented from the front (0-degree) or from the side (90-degree) of the listener. Additionally, a speech-
like distractor and realistic noise were included in stimuli. The hearing-aid outcomes were tested 
through a sentence recognition task and subjective ratings. In order to make hearing-aid outcomes 
comparable among participants, individual speech reception thresholds (  ) were set as the 
baseline performance. We hypothesized that listeners from different auditory profiles would respond 
differently to 6 HA processing strategies in terms of sentence recognition scores and subjective ratings. 
Besides, it is expected that listeners from the four auditory profiles would also be likely to respond to 
the two spatial conditions differently for the same HA processing strategy.  

2. METHODS 

2.1 Participants 
Sixty older participants (male = 30, female = 30) participated in the study. Their ages ranged from 

60 to 80 yr (mean = 70.8 yr). Twenty-nine of them were recruited and tested at Odense University 
Hospital, Odense, while the other 31 were recruited and tested at Bispebjerg Hospital, Copenhagen. 
Four participants quitted the study after the first visit. Prior to this study, all participants completed a 
comprehensive auditory test battery (21). Based on these measurements, they were classified into four 
auditory profiles (22) : A (N = 14), B (N = 13), C (N = 20) and D (N = 8). The remaining five 
participants could not be clearly allocated to any of these profiles and were therefore excluded from 
all further analyses. 

All participants had bilateral symmetrical sensorineural hearing loss and were habitual hearing-aid 
users (> 9 months of experience). The range of hearing loss configurations was chosen to lie in -
between the N1 and N4 standard audiograms of Bisgaard et al . (27). The air-bone gap and interaural 
asymmetry in audiometric thresholds from 0.5-4 kHz were required to be maximally 15 dB. None of 
the participants had a history of any neurological or language disorders. All of them had self -reported 
normal or corrected-to-normal vision. 

2.2 Test setup 
The measurements were performed in either an anechoic chamber (Odense University Hospital, 

Odense) or a soundproof booth (Bispebjerg Hospital, Copenhagen). Audio playback was via an RME 
Fireface UC soundcard, an SPL Phonitor Mini amplifier and a pair of Sennheiser HDA200 headphones. 
All stimuli were generated with the help of a hearing-aid simulator (HASIM) implemented in Matlab 
(see Sect.2.5). A touch screen was used by the participants for the subjective ratings.  

2.3 Test procedure 
Each participant was asked to come for two visits and each visit took approximately two hours. At 

the beginning,  was measured to control the baseline performance level between participants. 
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For the   and sentence recognition measurements, the participants were asked to repeat the 
sentences that they heard. The responses were scored by an experimenter. Prior to the  
measurements, there were two training trials. The thresholds were measured using a 1 -down 1-up 
procedure with a step size of 4 dB for the first five presentations and 2 dB for the rest. The starting 
signal-to-noise ratio (SNR) was 6 dB. The SRT was the average of the presentations from the fifth 
and last sentence of the list. For the sentence recognition scores, there were 12 different measurements 
in total (6 HA x 2 spatial conditions), and the same measurements were repeated in the second visit.  

Subjective ratings of overall quality and noise annoyance were collected separately between first 
and second visits. A multi-stimuli comparison method with hidden anchor (MUSHA) as implemented 
in the SenseLabOnline software from FORCE Technology was used. On each trial, participants were 
presented with a graphical user interface containing seven playback buttons and sliders (6 HA settings 
+ 1 anchor stimulus) that allowed them to listen to the seven stimuli in any order and to rate the m on 
a scale from 0-100, where 100 being the best. Each stimulus was rated four times per spatial condition.   

2.4 Stimuli 
The target speech stimuli were DANTALE-II sentences spoken by a female native Danish speaker 

(28). There were 16 lists, with ten sentences in each list. All sentences were grammatically correct 
and had the same syntactical structure. The target speech was presented from either at 0º or 90º from 
the front towards the ‘better’ ear. The better ear was defined as the one with the best unaided speech 
score as measured using the Danish Hearing In Noise Test (HINT) (29). The target was only played 
from 0º for the   measurement, while it was played from both 0º and 90º for the other 
measurements.  

Two noise signals were used. Firstly, the International Speech Test Signal (ISTS; (30)) was used 
as a directional distractor from either 90º (when target speech in front) or 0º (when target speech from 
the side). To mimic a real-life situation, the second noise signal was a spatially diffuse cafeteria noise, 
which was recorded in a university canteen with a pair of hearing-aid satellites as previously done in 
(22). The distractor was 2 dB SNR respect to the diffuse cafeteria noise. The tested signal-to-noise 
ratio (‘test SNR’) for sentence recognition based on individual , so that the performance level 
was relatively equal between participants. Due to technical limitations the  was rounded and the 
test SNR was fixed for the speech recognition conditions from a limited range of values. Therefore, 
the test SNR ranged from -6 to 12 dB SNR in steps of 2 dB. The SNR applied for the subjective ratings 
was test SNR + 4 dB for all six HA processing strategies and test SNR - 6 dB for the anchor. The 
anchor for the subjective rating was distorted by random binary masker to simulate the spectral 
distortion of the noise reduction scheme. 

2.5 HASIM processing 
The signal recorded from the frontal and rear microphones of a hearing aid was processed by a 

beamformer, a noise reduction algorithm and a wide-dynamic range compressor. The stimuli were 
linearly amplified according to the NAL fitting rule for the  measurements and the NAL-NL2 
fitting rule for the remaining measures (31). Six HA processing strategies (see Table 1) were tested. 
Apart from HA6, which resembles conventional HA settings, and HA1, which stands for very basic 
processing, the other four HA contained aggressive processing features for different parameters to 
maximize their potential differences. The strong noise reduction refers to an attenuation of 15 dB 
while mild noise reduction applies 5 dB attenuation. HA6 corresponds to a hearing aid with similar 
parameters as a commercial HA. For further details of HASIM processing, see Sanchez-Lopez et al. 
(23).  

 
Table 1 – Description of the six tested hearing aid processing strategies 

 Directional processing Noise reduction Amplitude compression 
HA1 Omnidirectional Off Slow  
HA2 Omnidirectional Strong Fast  
HA3 Binaural beamformer Off  Slow  
HA4 Binaural beamformer Strong  Slow  
HA5 Binaural beamformer Strong  Fast  
HA6 Cardioid Mild  Slow  
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3. RESULTS 

3.1 Data analysis 
The median absolute deviation (MAD) method was used for identifying unreliable performances 

in sentence recognition. The test-retest differences in the scores were examined for this purpose. 
Difference scores exceeding 2 MAD were considered unreliable (32). In these cases, the lower score 
of the two test-retest measurements was excluded. Otherwise, the average scores of the test -retest 
measurements were used and calculated into individual standardized scores. For the subjective ratings, 
we used the eGauge method (33) to exclude participants who were unreliable raters. This left us with 
51 participants (A = 13, B = 11, C = 19, D = 8) for overall quality and 48 participants (A = 13, B = 
12, C = 16, D = 7) for noise annoyance. Since each HA processing strategy was rated four times in 
each spatial condition, the median of the four ratings was used to calculate individual standardized 
scores. 

For ANOVA and correlation analysis, the data was split based on the spatial condition for sentence 
recognition data. In the 90-degree condition, the measurements from HA4 and HA5 were excluded 
from the analyses because of a strong flooring effect (37.2% of the measures equal to 0). Statistical 
analyses for ANOVA were carried out using linear mixed effects (LME) models, implemented in R 
using the lmer function from the lme4 package (34, 35). The dependent variable was the individual 
standardized score. HA1 was set as the reference HA. The model also included the interaction between 
HA and test SNR as well as the interaction between spatial condition and test SNR to account for the 
influence from individual differences of SNR for the same HA. The random effect was the individual 
intercept. For subjective ratings, the dependent variable was also individual standardized score. The 
model was similar to the one in sentence recognition except there were more interaction (see Table 3). 
Correlation was tested through the Spearman method in R.  

3.2 Influence of auditory profiles on test SNR 
Figure 1 shows that the means of the test SNRs differed significantly between the four auditory 

profiles. The test SNR of profile C was significantly different from all other profiles and profile A had 
the lowest mean test SNR. 

 

 
Figure 1: Means and 95% confidence intervals for the test SNRs of the four auditory profiles . 

Comparisons were run by t-tests. The bars above represent the pairs that had significant difference 
in terms of means. Notes for significant level: *: p <= 0.05; ***: p <= 0.001; ****: p <= 0.0001.  

3.3 Influence of auditory profiles on HA outcomes 
Table 2 shows the results from the ANOVA performed on the speech scores for each spatial 

condition. To simplify the analysis, the collected noise annoyance data were transformed so that better 
scores corresponded to lower noise annoyance. Significant effects of HA processing strategies and 
interactions with test SNR were shown in both outcomes. There was no significant effect of profile in 
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either spatial condition for all three measures. The significant effect of the interaction between HA 
processing strategies and Profile on sentence recognition performance appeared in the 90-degree but 
not in the 0-degree condition (for details, see Table 2). There was no significant interaction between 
HA processing strategies and Profile on subjective ratings.  

 
Table 2: Results from two ANOVAs performed on the sentence recognition scores. 

  0 degree 90 degree 
HA df 5 3 

F 36.7 102.3 
p <0.001 < 0.001 

Auditory 
profile 

df 3 3 
F <0.1 0.4 
p 0.99 0.71 

HA  
auditory 
profile 

df 15 9 
F 0.9 4.3 
p 0.55 <0.001 

HA  test 
SNR 

df 6 4 
F 0.8 6.4 
p 0.56 <0.001 

 
Table 3: Results from the ANOVAs performed on the subjective ratings. 

  Overall Quality Noise Annoyance 
HA df 5 5 

F 41.8 15.6 
p < 0.001 <0.001 

 η2   
Spatial condition df 1 1 

F 176.4 81.3 
p < 0.001 < 0.001 

Auditory profile df 3 3 
F 0.4  0.3 
p 0.75    0.83 

HA  spatial condition df 5 5 
F 61.9 28.2 
p < 0.001 < 0.001 

Auditory profile  HA df 15 15 
F 1.6    1.1 
p 0.08 0.30 

Auditory profile  
spatial condition 

df 3 3 
F 2.9    1.3 
p 0.03 0.26 

HA  test SNR df 6 6 
F 8.5 3.9 
p <0.001 <0.001  

Spatial condition  test 
SNR 

df 1 1 
F 3.5    4.2 
p 0.03  0.04 

Auditory profile  HA 
 spatial condition 

df 15 15 
F 0.9   1.4 
p 0.47     0.13 

 

3.4 Correlations between speech scores and subjective ratings for each profile 
In general, there were more significant (positive) correlations between the subjective ratings and 

speech scores in the 90-degree condition than in the 0-degree condition. Especially between the 
response of overall quality and sentence recognition scores, all profiles showed relatively large 
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positive correlations (all   0.4, all   in the 90-degree condition while only one profile 
showed significant correlation in 0 degree (36). Profile B consistently showed typical or relatively 
large positive correlations between sentence recognition and the subjective ratings (all 0.29, all 

). Profile C showed significant correlations for most of the conditions while profile D only 
had significant correlations in the 90-degree condition. For profile A, this was generally not the case.  

4. DISCUSSION 
The results of our analyses of the interaction between HA processing strategies and auditory 

profiles were not as expected. Overall, there were no evident links between the four auditory profiles 
and outcomes from the six tested HA processing strategies. One possible reason is that we tested our 
participants based on individual  measurements. This could have ‘evened out’ the differences 
between the four profiles. As shown in Figure 1, the test SNRs differed significantly between the 
profiles. Setting   to begin with was mainly because we wanted all participants to have a 
relatively similar starting point in performance level. However, the individualized SNR of the stimuli, 
referred to test SNR in the previous section, can result in differences in terms of processing of the 
input signal within the same HA algorithm. For example, compression acts differently on different 
ranges of input level. Given that the mean test SNR of profile A was around 5 dB lower than profile 
C, the algorithms of the six HA probably worked differently between these two groups of participants. 
On the other hand, hearing aid users often encounter all sorts of SNR situations in their daily life, and 
it is not clear which of these affect a user’s satisfaction the most. Another explanation could be that 
some of the tested HA were simply too ‘aggressive’ for all profiles, as indicated by the clear flooring 
effects in the 90-degree condition for sentence recognition in noise. Finally, despite using the same 
fitting formula for gain prescription, it could also be that people from different auditory profiles have 
greater benefits from different kinds of amplification (37).  

The correlation analyses that we performed produced some interesting findings. Some profiles 
showed more positive correlations between sentence recognition scores and subjective ratings than 
others. The consistent positive correlations observable for profile B probably indicate that these users 
will be satisfied with their hearing-aid processing if speech clarity is guaranteed. For Profile A users, 
on the other hand, much less correlation between objective and subjective outcomes might imply that 
they are more demanding in terms of sound naturalness. As for profile C, it seems that noise annoyance 
is a more informative measure to predict their preference.  

Moreover, the consistent correlations between overall quality and sentence recognition in the 90 -
degree condition also suggest that some relatively simple and quick subjective measures could be very 
informative. Clinical measures used during hearing aid fitting are mostly about verification (e.g. real-
ear measures); little, if any, information is regularly collected about subjective preference for different 
processing schemes (38). For audiologists and hearing-aid dispensers, the choice of processing 
scheme is mostly based on personal experience or manufacturer’s guideline (39). Given various 
individual differences for hearing-aid preference, a short and informative measurement for validation 
at the beginning is possible to improve the efficiency of the hearing aid fitting procedure.  

5. CONCLUSIONS 
The current study used two types of outcome measures for evaluating the interaction between four 

auditory profiles and six different hearing-aid processing schemes. The results indicated that the 
auditory profiles influenced HA outcome only in the 90-degree condition. This could have been a 
consequence of the experimental design that was used. Especially, individualized SNR of the stimuli 
according to their  might decrease the differences between auditory profiles to some extend . 
Since testing each listener at their   is not realistic, efforts should be made to provide an 
additional SNR benefit, by signal processing, to the profiles which showed elevated SRTs.  The 
auditory profiles differed somewhat in terms of their correlations between the speech scores and 
subjective ratings, which may suggest that the speech understanding can drive their subjective 
perception in one group while others might be influenced by the comfort, listening effort or other 
aspects related to their hearing experience  
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ABSTRACT 

Understanding the individual listening performance and the development of objective methods 

suitable to predict the performance in aided conditions is crucial for improving the rehabilitation 

strategies with hearing devices. Here, subjective and predicted speech recognition data for realistic 

acoustic conditions are compared. Speech reception thresholds (SRTs) were measured in three noise 

conditions (20-talker babble, cafeteria noise and a single competing talker) with 12 hearing impaired 

listeners. The NAL-NL1 prescription rule with a multiband compressor scheme was applied to 

compensate for the hearing loss. The measured SRTs were compared to predictions with the short -time 

version of the binaural speech intelligibility model (BSIM) and the framework for auditory 

discrimination experiments (FADE). The results show a significant correlation between predicted and 

measured SRTs for BSIM overall (p<0.01, 𝑅2=0.62). Especially in the single competing talker 

condition, BSIM, which predicts SRTs based on weighted signal-to-noise ratios, provides more 

accurate predictions than FADE which has to recognize the target speech signal. BSIM also predicts 

increased SRTs with increasing hearing loss (p<0.01, 𝑅2>0.7), indicating less benefit from hearing 

loss compensation with increasing hearing loss. However, the measured SRTs did not support this 

trend. The influence of hearing level on the SRTs thus appears to be overestimated by BSIM.  
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ABSTRACT 
In most hearing-aid fittings, amplification is prescribed by a fitting rationale that uses the audiogram as the 
main input. This approach may fail in situations where the user’s listening intention deviates from that 
assumed by the rationale. This shortcoming motivated a new commercially available method to self-adjust 
hearing-aid parameters while in a specific situation. The method is based on machine-learning algorithms 
that estimate the setting that optimizes user satisfaction based on user preferences in paired comparisons of 
parameter settings. We present results from a lab study where 20 participants with hearing loss used the 
method to adjust hearing-aid gain in 12 different sound scenarios with respect to three different sound 
attributes, and subsequently, in a double-blind assessment, compared the adjusted settings with the prescribed 
settings. The results showed a benefit of the method on basic audio quality. A large spread in the gain 
adjustments was observed, suggesting the need for more personalized settings of hearing aids. We also 
present anonymous user data gathered during real-life use of the method, which indicate when and why the 
method is used. We compare these data to general investigations of listeners’ auditory reality and suggest 
clinical and rehabilitative implications of using the method. 
 
Keywords: Machine learning, hearing aids, personalization 

1. INTRODUCTION 
The non-linear amplification provided by modern hearing aids is typically prescribed by a fitting 

rationale, often with an audiogram as the only input. In addition to this basic fitting, many hearing aids 
offer a wide variety of sophisticated adaptive signal processing features that allow them to adjus t to 
specific sound environments to accommodate the listening needs of the user. Features such as adaptive 
directional microphones, noise reduction and sound-classification systems (switching between 
different sets of processing parameters for different types of sound environments) are available in 
many hearing aids. However, the amplification scheme is typically determined based on the listening 
intention and needs of an average user in a given generic type of sound environment. When the 
listening intention and needs of a specific user deviate from those assumed by the underlying 
algorithms, that user’s listening experience may be less than optimal.  

The common way to handle an inadequate user listening experience has traditionally been 
fine-tuning of the hearing aid performed by a hearing care professional (HCP). For the fine -tuning to 
be successful, it requires that the user is able to explain a perceived problem, and that the HCP is able 
to interpret the explanation and provide an adjustment of processing parameters that improves the 
listening experience (1). This is not always possible, which is part of the inspiration for various 
methods for self-adjustment of hearing aids, without the need for an HCP to be actively involved. A 
volume control is perhaps the simplest of such methods, but more advanced self-adjustment methods 
that affect multiple hearing-aid parameters have also been suggested, e.g. (2-4). These tools require a 
certain level of awareness of the user about the functionality of the available adjustment handles in 
order to be effective. Other methods have used paired comparisons performed by the user to adjust the 
hearing aid in an iterative manner (5). These methods only require the user to indicate a preference 
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between two settings of the hearing aid. While some of these methods have shown promising results, 
e.g. the modified simplex method (6), they have not been used in the fitting or fine-tuning of 
commercially available hearing aids. A reason for this may be the substantial amount of time needed to 
reach the (global) optimal setting of parameters.  

The increased processing power of hearing aids and, not least, the option to connect hearing aids to 
a smartphone to integrate its processing power in the entire hearing solution have allowed for more 
advanced and computationally demanding technologies like machine learning to be applied in 
self-adjustment of hearing aids. Making the paired-comparison approach sufficiently fast to allow 
hearing-aid users to use it to adjust their own hearing aids while being in daily-life situations was one 
of the main goals for the Interactive Hearing Aid Personalization System (IHAPS) (7). The IHAPS 
uses machine learning to drive a sequence of paired comparisons. In each comparison, the user 
assesses the degree of preference between two different settings of hearing-aid parameters. With the 
goal of finding an optimal setting in as few comparisons as possible, IHAPS iteratively determines the 
two settings for the next paired comparison based on what was learned from the paired comparisons 
already made by the user. This is done by continuously learning and updating a non-parametric 
machine-learning model of a hypothetical (unobserved) internal response function (IRF) that describes 
the user’s preference as a function of the hearing-aid parameter values. The final suggestion for the 
optimal setting, i.e. the parameter values that provide the maximum preference, is determined as the 
maximum of the estimated IRF. More details about this machine-learning approach can be found 
in (7). 

With a few modifications, the IHAPS procedure has been implemented in a commercially available 
hearing aid, the Widex EVOKE, under the name SoundSense Learn (SSL). The SSL procedure affects 
static gain in three frequency bands, covering the entire frequency range of the hearing aid 
(0.1-10 kHz). The SSL procedure is activated by the user via a hearing-aid app installed on a 
smartphone. When the user has completed a series of paired comparisons as described above, a final 
adjusted setting is determined, and the user has the option to save this as an additional program that can 
be activated later via the app. 

In this paper we will summarize the main results from a lab study (8) that investigated the 
perceptual effects of using SSL to make gain parameter adjustments in different sound scenarios in 
order to accommodate different listening intentions. Furthermore, we will present anonymous user 
data, gathered during real-life use of the SSL feature that indicate when and how the feature is used in 
real life. These data reflect the auditory reality – i.e. the variety of experienced acoustic 
environments (9) – of the users, and accordingly, we will compare the data to general investigations of 
listener’s auditory reality. The data offer some suggestions to how the feature may contribute to the 
rehabilitation of the user in a clinical context. 

2. LABORATORY STUDY 
This section summarizes a lab study conducted at SenseLab, FORCE Technology, Hørsholm, 

Denmark. More details about the study can be found in (8). 

2.1 Methods 
Participants. Twenty participants (8 females) with sensorineural hearing loss were recruited for the 

study. The average age was 72 years (range: 54-83 years), and the pure tone average (PTA) hearing loss, 
averaged across 0.5, 1, 2 and 4 kHz, was 44 dB HL (range: 26-59 dB HL). They were all experienced 
hearing-aid users and were fitted bilaterally with hearing aids of various brands and models.   

Hearing aids. Widex EVOKE F2 440 RIC (Receiver-In-Canal) hearing aids were used as test 
hearing aids. They were mounted on a KEMAR acoustic manikin and fitted to the ear canal using 
closed silicone ear moulds. During SSL adjustments, the participants listened to the output of the 
hearing aids via headphones, with the headphone signal routed through an equalizer to compensate for 
the acoustic effects of ear canal and headphone response. During the later comparison of settings, the 
participants listened (via headphones) to recordings of the processed sound made in the KEMAR ear 
canals. 

Test protocol. The study involved two visits to the lab for each participant. At the first visit, the SSL 
adjustment was completed in 12 different sound scenarios in a listening room with a 22.2 multichannel 
loudspeaker layout. The parameter setting prescribed by the fitting software, the Universal (UNI) 
setting, was always used as baseline for the adjustment. The scenarios were divided into three groups 
of four scenarios, each of which was associated with one of three different sound attributes: Basic 
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Audio Quality, Listening Comfort and Speech Clarity. For each scenario, the task of the participant (in 
the SSL adjustment during the first visit) was to optimize the perception of the attribute associated 
with that specific scenario. After this first visit, all 12 scenarios were recorded in the aided ears of 
KEMAR. The hearing-aid settings included the individual participant’s SSL setting for each scenario 
and the UNI setting with all adaptive processing and the sound-classification system being active. A 
third setting (with the sound classification turned off) was also included. However, the results obtained 
with this setting will be disregarded in this paper, which focuses on the effect of SSL, but the results 
are available in (8); the conclusions of the analyses remain the same whether this setting is included or 
not. At the second visit, a direct comparison of the settings was made in each of the 12 scenarios, using 
a double-blind approach. Participants listened to the recordings via headphones and could switch 
between the settings as much as needed. The participant’s task was to rate the sound attribute 
associated with the given scenario for each of the settings on a continuous scale from 0 to 100. The 
rating of each combination of scenario and setting was done twice.   

Data analysis. The subjective ratings were analyzed using a linear mixed model ANOVA, with 
rating as the dependent variable, participant as a random effect, and setting, scenario and repetition as 
fixed effects. Separate analyses were done for the three attributes. The gain adjustments (in the three 
frequency bands, Low, Mid and High) in the SSL settings were registered and compared to the 
perceptual SSL benefit, calculated as the difference between ratings of SSL and UNI.   

2.2 Results and discussion 
Boxplots showing the distribution of the ratings of each combination of sound attribute and setting 

are shown in Figure 1. Each of the six boxplots in the figure is based on 20 (participants) x 4 
(scenarios) x 2 (repetitions) = 160 data points. There were no missing data, and all data points (incl. 
outliers) are represented in the plots. 

 

 

Figure 1 – Boxplots of ratings of the two hearing-aid settings, UNI and SSL, on each of the three attributes. 

The boxes indicate quartiles, while whiskers indicate minimum/maximum of non-outliers. Mean values are 

shown as squares, while outliers (outlier coefficient 1.5) are marked as circles. 
 
For the Basic Audio Quality ratings, the mean difference between the SSL and UNI ratings, i.e. the 

mean SSL benefit, was 6.5 scale points. The statistical analysis showed a significant main effect of 
setting (p<0.00001), and a Tukey HSD post-hoc test showed a significant difference between SSL and 
UNI (p<0.05). Thus, the participants were able to improve the perceived general sound quality by use 
of the SSL procedure. 

For Listening Comfort, the mean difference between SSL and UNI was 4.4 scale points. In this case, 
the main effect of setting was not significant, and the pairwise differences were therefore not tested. 
However, the interaction between scenario and setting was significant (p<0.01), indicating that the 
effect of setting varied across the scenarios. A post-hoc test showed that the difference between SSL 
and UNI was significant for one of the scenarios (traffic noise), but not for the other three scenarios. 
One reason for this may be that the three other Listening Comfort scenarios, as opposed to the traffic 
noise, included speech babble as part of the environment. This may have been a disturbing factor, 
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making some participants focus on speech intelligibility/clarity rather than comfort during the SSL 
adjustments and/or the following assessments. For the traffic noise, there may have been a higher 
compliance between the dictated listening intention (defined by the Listening Comfort  attribute) and 
the intention that participants would intuitively have in that scenario. 

For Speech Clarity, the mean difference between SSL and UNI was only 0.9 scale points. The main 
effect of setting was not significant, and no significant interaction with scenario was seen in this case. 
The fact that no SSL benefit on speech clarity was observed (on a group level) was not very surprising, 
given the nature of the gain adjustments (in three rather broad frequency bands) offered by the SSL 
procedure, and the fact that the UNI setting is prescribed with optimization of speech intelligibility in 
mind. It could be argued that adjustment of other hearing-aid parameters (e.g. time constants in the 
compression system) would be needed to obtain improvements on this attribute. However, it should be 
noted that on an individual level there were participants who obtained an SSL benefit in the Speech 
Clarity domain via adjustment of the gain parameters. 

Across the attributes, a general trend in Figure 1 is the large variation in ratings across participants. 
The ratings basically span the entire rating scale. The low ratings of the UNI setting indicate that in 
some cases, the prescribed setting was not satisfactory. In a clinical context, fine-tuning of the 
hearing-aid setting would probably have been recommended, but that option was not part of the 
protocol. The low ratings of SSL obviously indicate that the SSL procedure did not provide a 
satisfactory result in all cases. This aspect is further discussed below. 

For each scenario, the SSL benefit was compared to the gain adjustments (in the three bands) made 
during the SSL adjustments. Figure 2 shows the individual gain adjustments made in three selected 
scenarios (one for each attribute). In each panel in the figure, the gain adjustments in each band (left 
y-axis) and the corresponding SSL benefit (right y-axis) are plotted for each participant. Please note 
that gain adjustments between +6 and +12 dB were only possible in the Low band. In the Mid and High 
bands, the maximum gain increase was +6 dB to reduce the risk of introducing acoustic feedback. 

 

 
Figure 2 – Individual SSL gain adjustments away from the UNI setting (left y-axis) in the Low, Mid and High 

bands for three sound scenarios representing the three attributes (left, middle and right panel). In each panel, 

the participants (on the x-axis) have been rank-ordered according to the magnitude of their SSL benefit. The 

SSL benefit (right y-axis) is indicated by black open circles. Linear regression lines have been added to 

indicate overall trends in gain adjustment as functions of SSL-benefit ranking. The vertical dotted line in each 

panel separates participants with positive and negative SSL benefits. 
 
A general observation across the scenarios (also those not shown in Figure 2) is that the gain 

adjustments span the entire range from -12 dB to +6/12 dB, and that participants make very different 
gain adjustments. To investigate the relationships between gain adjustments and SSL benefit 
(visualized with the regression lines in the figure), Spearman rank correlation coefficients were 
calculated for all three bands in all 12 scenarios. After correction for multiple correlations, there was 
only one scenario with a significant correlation between the gain adjustments in one of the bands 
(Low) and the SSL benefit. Thus, the overall observation is that the SSL benefit cannot be predicted 
based on the gain adjustments, which underlines the individual nature of the adjustments made by the 
participants. 

Across scenarios and participants, the general trend in the gain adjustments was an increase of gain 
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in the Low band, a decrease of gain in the High band, with the mean gain adjustment the Mid band 
being somewhere in between (close to 0 dB). This is also the trend seen in the examples in Figure 2 
where the midpoint of each trend line indicates the mean adjustment across participants. The most 
noticeable adjustment away from the prescribed setting is observed on the Low band where the mean 
adjustment across scenarios was approximately +5 dB. While this could be seen as an indication of too 
little gain provided by the fitting rationale, the test procedure may have played a significant role, e.g. 
by not including the participants’ own voice. Had own voice been included, it may be assumed that less 
low-frequency gain would have been preferred. When the large individual variation is taken into 
account, the results do not suggest that systematic changes in the gain prescription would have been 
enough to meet the participants’ individual needs. 

The individual SSL benefits plotted in Figure 2 show that while several participants obtained an 
SSL benefit, there were other participants who obtained a rather substantial disadvantage. For example, 
participant 10 had large SSL disadvantages in two of the three scenarios included in the figure. The 
most likely explanation for this is inconsistency in the preference criteria used during the SSL 
adjustments. Since a certain level of consistency is required for the procedure to find a true preference 
maximum, the consequence is that some users may not be able to complete the SSL adjustment in a 
way that provides a perceptual benefit. 

From a clinical perspective, the results of the study indicate that the SSL procedure has the 
potential to provide benefits for some (but not necessarily all) users, most likely in the Basic Audio 
Quality domain. The results also indicate that different users have different amplification preferences 
– within the same sound scenario and for the same given listening intention – that are impossible to 
address with the gain prescribed by a single overall fitting rationale based on the audiogram. This 
suggests the need for more personalized hearing solutions. The observed variation in gain adjustments 
correspond well with the variation in adjustments made during real-life use of the procedure. This will 
be further explored in the following section. 

3. REAL-LIFE USE OF MACHINE-LEARNING APPROACH 
The laboratory results address several central aspects of the effects of personalizing hearing-aid 

settings using the SSL machine-learning approach. However, an additional key question is how this 
approach functions in hearing-aid users’ real lives. This question can to some extent be addressed by 
investigating the anonymous user data that are collected whenever listeners save and use SSL 
programs. These data include information on the gain settings and usage of saved SSL programs, as 
well as the users’ indication of the situation and listening intention for which the program was created. 

 
Figure 3 – SSL adjustments in the three frequency bands in a sample of 9690 personal programs. 

 
Looking first at the gain adjustments, Figure 3 shows 9690 personal programs (a subsample of the 

sample discussed in more detail below, the reduction is necessary in order to see the individual 
programs). Each dot represents a saved personal program, with the adjustment in gain in the Low 
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(bass), Mid (middle) and High (treble) frequency bands. The figure shows a wide distribution of gain 
adjustments, with no discernable patterns. This is in line with the adjustments seen in the laboratory 
study reported above (see Figure 2) and indicates that the gain adjustments are specific to the 
individual user and the individual situation. 

A second interesting aspect is the situations and listening intentions that SSL is used for, which 
gives us information about the real-life use of personalization and the needs that the users seek to 
fulfill. This information stems from questions introduced with SSL version 2.0 where the users are 
asked where they are (what we call situation in the following) and what their hearing goal is (what we 
call intention), before they start the pairwise comparisons. Users must indicate one situation from a list 
including 12 predefined generic situations, while they can choose none, one, or two intentions from a 
list of 9 predefined generic intentions. Most programs in our sample (77%) represented one intention, 
while 19% had two intentions, and 4% none. Figure 4 shows the distribution of answers in a sample of 
13,813 personal programs created with SSL version 2.0 from 5,448 unique users. 

First considering situations and intentions separately, we see from the left panel of Figure 4 that 
‘Home’ is by far the situation where most SSL programs are created. This dominance of the home 
situation corresponds well with findings from a study that used ecological momentary assessment to 
investigate the auditory reality of a group of hearing-aid users (10). It may reflect both that many users 
spend most of their time at home and that many home situations are ones in which it is relatively easy 
to conduct the pairwise comparisons, particularly for the ‘TV’ intention which is the most frequent 
intention in home situations. Aside from home, situations are fairly evenly distributed, with a 
substantial part – just under 20% - being the kind of noisy situations that tend to be challenging to 
hearing-aid users (‘Restaurant’ and ‘Noisy venue’). Turning to the intentions, we see from the right 
panel of Figure 4 that the top four intentions are relatively well-defined ones – conversation, TV, noise 
reduction and music – that together account for 82% of all intentions (counting each intention as one 
instance, whether it occurs alone or together with another intention) . The patterns are very similar if 
we analyze the number of uses of the programs instead of the number of programs, indicating that 
program use is approximately evenly distributed for different situations and intentions.  

 

Figure 4 – Distribution of situations and intentions in the sample of SSL programs, excluding programs with 

no indication of intention. The right panel shows each category as a proportion of all intention labels. 
 
Alternatively, situations and intentions may be considered jointly, and compared to general 

investigations of the auditory reality of people with and without hearing loss, e.g. (11-13). In such a 
comparison, three characteristics of the SSL data are important to keep in mind: First, SSL is intended 
for situations in which the sound is not entirely satisfactory, which is in line with some (e.g. (11)) but 
not all (e.g. (12, 13)) more general investigations. Secondly, SSL is not intended for – and not suitable 
for – all users, but relevant for those that have an interest in self-adjusting their hearing aids and are 
capable of doing the comparisons systematically through a smartphone. Thirdly, creating a personal 
program with SSL involves listening and responding in a way that is not suited to all situations and 
intentions, which may overrepresent some situations and underrepresent others in the SSL data 
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compared to listeners’ general auditory reality. 
However, even with these differences, the distributions of situations and intentions in SSL are 

comparable to what we see in the literature. We focus here on the Common Sound Scenarios (CoSS) 
suggested by Wolters et al. (12) because these summarize findings from ten studies. The CoSS 
framework includes three overall listening intentions: speech communication, focused listening, and 
non-specific listening, with seven different tasks categorized into one of these three overall intentions. 
Each of the seven tasks is in turn exemplified by two representative scenarios, one in quiet and one in 
noise. Importantly, the CoSS focuses on common scenarios that are representative of hearing life 
across a wide range of listeners, rather than on an exhaustive list of possible listening scenarios or a 
catalogue of situations that are problematic for hearing-aid users.  

The comparison between CoSS and SSL user data may be conducted in two ways, starting from 
either of the two categorizations. First, taking the CoSS categorization as a starting point, each of the 
14 scenarios may be matched to an SSL situation-intention combination, with matches generally being 
straightforward. The prominence of speech communication, which is part of six out of 14 scenarios in 
CoSS, is also reflected in the SSL data, where approximately one third of all intentions are labelled 
‘Conversation’. This is all the more remarkable because conversations – particularly one-on-one – are 
not ideal situations for conducting the pairwise comparisons that are required to construct a new 
personal program. This challenge is likely to be especially pronounced for conversations over the 
phone, which are rated as both very frequent and very important in CoSS but are relatively rare in the 
SSL categorizations (only just 1.8% of intentions are ‘Phone’). This makes sense when we consider the 
difficulty of completing the SSL procedure while also keeping a phone conversation going. 

Turning next to the SSL data as a point of departure, we focused on those combinations of situation 
and intention that made up at least 1% of all programs, resulting in a list of 20 situation-intention 
combinations. The most frequent of these, TV and conversation at home, are also rated as highly 
frequent based on the Wolters et al. literature review, while the less frequent combinations in SSL tend 
to have medium or low frequency in CoSS.  

The comparison also reveals an important difference between the SSL data and CoSS, namely that 
the categories where the situation is restaurant, noisy venue or large hall in the SSL data are not 
directly represented in CoSS. A substantial part of this group of intentions are likely to be cases where 
the background noise is speech, in other words similar to the cocktail party scenario that is frequently 
referred to in hearing-aid research and development. This particular scenario is not concretely 
represented in CoSS, though it can fit within the intention and task combinations in the framework. 
Wolters et al. comment on the absence of this type of scenario in CoSS, arguing that although it is 
certainly challenging and often important to hearing-aid users, it is not frequent in their literature 
review. However, its prominence in the SSL data, which derive from situations where the user is not 
satisfied with the hearing-aid sound, supports its continued use in hearing-aid research and 
development. 

There are two more general implications of these analyses. Firstly, and specifically for SSL, the 
data show that usage is distributed across a wide range of situations and intentions, suggesting that the 
feature is used as intended, providing the possibility of personalization in many different real-life 
scenarios. Secondly, and more generally, the fact that these data derive specifically from cases where 
the user is in some way not satisfied with the sound of their hearing aids is a weakness if we want to 
investigate people’s auditory realities generally. However, it is also a strength – and, we would argue, 
a more important one – because it means that the data on situations, intentions, and settings are 
informative about exactly the situations that hearing-aid development wants to address. Here, the same 
caveat applies as for several of the specific scenarios discussed above, namely that the data we get 
from SSL usage are that subset of situations where it is possible for the user to listen to pairwise 
comparisons. Nevertheless, we do see patterns that may inform hearing-aid research and development 
in interesting ways. 

In the present context, we have investigated the data with the purpose of getting a sense of the 
auditory reality of SSL-users considered jointly. However, this same type of data may also be 
considered for the individual user, with the purpose of supporting their hearing rehabilitation. This 
will be possible when data from the individual user’s SSL and other personal programs – with their 
consent – shortly become available to their HCP in the relevant fitting software. This may allow the 
HCP to get a better sense of the auditory reality of their individual customer and help them make any 
generally relevant adjustments to the hearing-aid settings based on this. 
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4. FINAL REMARKS 
Though the laboratory and user data presented above go a long way towards understanding the 

effects of personalizing gain settings, several interesting research questions remain. One central issue 
is how the availability of self-adjustment affects hearing-aid users’ hearing life in general. The current 
analyses have shown that sound quality can be improved using SSL and that SSL is used in a range of 
diverse situations; elsewhere we have found that users are generally happy with SSL (14). One could 
speculate that the possibility of adjusting gain settings at any time could give hearing-aid users a sense 
of empowerment in relation to their hearing loss, which in turn could contribute to higher engagement 
with their treatment and potentially higher satisfaction. In other words, in addition to any direct effects 
in those situations where SSL helps the users adjust appropriately to their situation and intention, users 
might also experience more indirect effects on their hearing-aid satisfaction from the possibility of 
making such adjustments in any situation, even though they only make use of it in a subset of situations.  
While empowerment is not a well-defined concept, e.g. (15), there are clearly interesting questions to 
explore in this connection, both with a focus on user satisfaction and on user independence and 
self-efficacy. In addition, and related to this, it remains to be investigated systematically which user 
groups benefit (most) from the availability of such a functionality.  
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User behavior with EVOTION hearing aids 
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ABSTRACT 
How are hearing aids really used in everyday situations? How can insights into this enhance the rehabilitation 
process involving the user and the hearing care professional? Data collected with EVOTION hearing aids 
contribute towards the answers. For 15 years hearing aids have logged data about the sound environment and 
usage patterns. However, the past logging data provided descriptive statistics about the usage, and not 
detailed insights with timestamps stating which situations, at what time, and which settings of the hearing aid. 
The EVOTION hearing aids connects over Bluetooth to a smartphone that stores a snapshot of the sound 
environment one time every minute to provide enough insight in the sound environments whilst preventing 
any eavesdropping based on the data. The sound environment data consists of sound pressure level, noise 
floor, and signal-to-noise ratio and a classification into quiet, noise, speech or speech in noise. Data spanning 
hearing aid users’ behavior over weeks and months provides an in-depth view in how they cope with different 
sound environments and throughout the day. Insights from this data enables the hearing care professional 
to guide the individual user towards optimal outcomes and follow their individual journeys. 
 
Keywords: Hearing Aids, Behavior, Preferences, Logging data 

1. INTRODUCTION 
Hearing care professionals, researchers, and hearing aid developers share a joint question: How are 

hearing aids really used in everyday situations. For the hearing care professionals, it ’s a matter of 
understanding the auditory environments and the preferred listening behavior for the individu al 
hearing aid user. For researchers and hearing aid developers it is a matter of learning the hidden 
relationships that that enables compensation for hearing loss. A modern hearing aid entails 
compressive amplification, advanced signal processing systems that filter out unwanted sounds from 
the rear and the sides, simpler adaptive beamforming, simpler noise reduction, and sometimes 
reallocation of frequency components. A larger set of parameters define the behavior of each of these 
algorithms ending up with several thousand parameters in a hearing aid. Given the amount of time 
available for each fitting session many hearing aid fittings rely on starting from a compressive 
amplification function defined by the audiogram and number of generic settings based on the dialogue 
with the hearing aid user. From this starting point the hearing care professional and the hearing aid user 
discuss situations to optimize the overall fitting. For almost 15 years hearing care professionals have 
had access to aggregated data about the sound environments and use of the hearing aid[1] so that 
objective metrics could supplement the dialogue. With the EVOTION hearing aid the stored data is 
timestamped and each individual event is stored via a smartphone[2].  

2. EVOTION DATA LOGGING 
The first releases in 2016 of Oticon Opn featured a new Bluetooth based data interface that made 

them the first Internet of Things (IoT) hearing aids. The new IoT features allowed the hearing aid to 
interact with services on the net[3] through a smartphone, and e.g. inform parents with a text message 
when a child’s hearing batteries run low or enable the definition of geofences for automatically 
changing into a preferred hearing aid program at a given place [4]. The same IoT interface also enabled 
the timestamped collection of program changes hearing aid users [5] when the alerts from the hearing 
aid to the phone was stored in a spreadsheet on the phone. For the EVOTION prototype hearing aids 
extended the Opn IoT with the transmission of 21 sound environment parameters one time every 
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3866



 

 

minute. The 21 parameters are the Sound Pressure Level (SPL), Noise floor, Signal -to-noise ratio, 
modulation envelope, and modulation index in 4 frequency ranges (full bandwidth, low frequency, mid 
frequency, and high frequency) and the output of a four-class sound environment classifier with the 
outputs: quiet, noise, speech, and speech in noise. The Sound Pressure Level and sound environment 
classifier are comparable to the variables has been logged in the aggregated manner for the last 15 
years. The additional data logging from EVOTION was adopted with slight modifications for the 2018 
release of Oticon Opn [6] for the HearingFitness™ feature.  

2.1 Limitations of data logging with Smartphones and Bluetooth  
 Hearing aids have very limited memory and therefore do not buffer the transmitted data, thus if the 

Bluetooth connection between hearing aid and smartphone is not present the data is lost. Th is can 
happen in situations with many active Bluetooth devices, if the hearing aid users goes away from the 
phone, if the connection is not restored when the hearing aid user returns, of simply if the hearing aid 
is not close enough to the smartphone. However, not only must the Bluetooth connection be available, 
the app on the smartphone which processes the data must also have sufficient priority such that it is not 
terminated or halted by the smartphone power management. Thus, even if the combination of hearing 
aids and smartphones allow the transmission of data, it cannot be taken for granted and future work 
includes the direct comparison of the amount of data stored in a hearing aid with the amount of data 
stored via the connected smartphone.  

3. INITIAL FINDINGS 
The modeling of data from EVOTION hearing aids is on-going and one of the first steps was to 

reduce the dimensionality of the feature space, where the sound environment parameters was reduced 
into a 3 dimensional space of Sound level, Signal quality, and Sound diversity [7], where Sound Level 
models the overall level, and Signal quality models the balance between signal and noise, and Sound 
diversity how much the sound environment parameters are changing.  

     
Figure 1 shows an interesting but not necessarily surprising pattern of behavior from initial analysis 

following the dimensionality reduction. The horizontal axis is the Sound level and the vertical axis the 
Signal quality, and each oval outlines the approximate position of three groups with different degrees 
of hearing loss (following WHO definitions [8]) during a day. The arrow shows how the sound 
environment evolve during the day. The hearing aid users with Mild and Moderate hearing loss spend 
the day in sound environments with similar Level but where the Signal quality is higher for the 
Moderate group. Similarly, the group with Severe Hearing loss spend the day in quieter and higher 
Sound quality environments than the two other groups.  

Figure 1: Sketched behavior of different groups of hearing aid users 
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4. SUMMARY 
The paper reports findings from the initial analysis of behaviors from data logged with EVOTION 

hearing aids. The analyses are work in progress and should therefore be considered as indicative until 
completed and fully validated with the full dataset collected within the EVOTION project. The further 
analysis may also reveal preference patterns that can guide the dialogue between hearing care 
professionals and hearing aid users towards better outcomes.  
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ABSTRACT 

Hearing aid benefit is routinely measured with speech tests in quiet or stationary background noise and with 

questionnaires comprising predefined listening situations. Nevertheless, everyday life of hearing aid users is 

unique and might not be captured by the traditional tools. An alternative approach employs repeated 

assessments of individual everyday situations, a method called ecological momentary assessment (EMA). 

The EMA method was implemented with a smartphone-based system allowing for frequent subjective 

assessments and objective monitoring of the acoustical environment. In a field study, 20 participants with 

mild-to-moderate hearing impairment were fitted with hearing aids. The EMA method was applied for 

several days both before and after hearing aid fitting including an acclimatization phase. The participants 

categorized their environments and activities and rated loudness, ability and importance of speech 

understanding, as well as listening effort. By comparing the assessments without and with hearing aids or 

with old and new hearing aids, the benefit can be estimated. One structural drawback of this approach is the 

challenge of varying situations between participants but also within participants when comparing different 

time periods. Having said that, this effect implies the advantage of capturing the hearing-related quality of 

life on an individual basis. 

 

Keywords: Assessment, Real Life, Hearing  
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ABSTRACT 
Most adults cannot lipread very well, and when viewing only the visual speech signal, recognize very little 

of the content.  Even so, the visual speech greatly enhances a degraded auditory speech signal, as when 

listening in the presence of background noise or with hearing loss.  Although previous researchers have 

suggested that this super-additive effect is due to a distinct audiovisual integration ability, recent findings 

indicated that it can be accounted solely by unimodal performance.  
Keywords: Audiovisual, integration, lipreading 
 
INTRODUCTION 
 

Although researchers often focus on the auditory aspect of speech perception, in daily conversation 
speech perception is typically an audiovisual perceptual event because most conversations and other 
forms of spoken communication occur face-to-face. Moreover, whether individuals have normal or 
impaired hearing, there are times when they are highly reliant on lipreading for speech understanding, 
as when talking in a noisy restaurant or when talking with wind noise. Interestingly, although most 
people are relatively poor lipreaders---they can recognize less than 20% of words in sentence 
context—the benefit they receive when the visual signal is added to the degraded auditory signal is 
super-additive, meaning the number of words they can recognize is greater than the sum of how many 
words they can recognize in an auditory-only and vision-only condition. In this paper, we’ll review 
some of the findings about audiovisual speech perception and then consider the super-additive effect.   
 
REVIEW 

 
In a study performed at Washington University in St. Louis, older adults recognized less than 10% 

of the test words in sentences when present in a vision-only condition and younger adults recognized 
only about 15% (Sommers, Tye-Murray, & Spehar, 2005, Figure 1). Performance in the auditory-only 
condition was “controlled” by presenting background babble, so on average, participants recognized 
40% of the words. When the visual speech signal was added to this degraded auditory signal, 
performance jumped to over 65% words correct. 
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  Figure 1. Words correct in sentence context, as presented in three different conditions (V: vision-

only; A: audition-only; AV: audiovisual) for younger adults (ages 18-30 yrs) and older adults (age 65 
yrs and older) (Adapted from Sommers et al., 2005). 

 
This early experiment captures three robust findings that we have since found in other studies (e.g., 

Tye-Murray, Sommers, & Spehar, 2007a; Tye-Murray, Sommers, & Spehar, 2007b; Tye-Murray, 
Spehar, Myerson, Hale, and Sommers, 2016).  First, vision-only speech recognition is very difficult 
and most people are not very good at it. Second, age causes vision-only speech recognition to decline.  
Older adults are significantly poorer lipreaders than are young adults.  And thirdly, performance in 
an audiovisual condition is super-additive. This super-additive effect is sometimes referred to as the 
“audiovisual speech advantage.” As Figure 1 indicates, younger and older adults tend to have similar 
degrees of the audiovisual speech advantage. That is, although younger adults have overall better 
audiovisual speech recognition than older adults, they have about the same amount of super-additive 
effect. 

Not only does the audiovisual speech advantage appear unaffected by aging, but it also appears to 
be unaffected by learning. For example, we compared the performance of adults who have normal 
hearing and adults who have acquired hearing loss, meaning that they began to lose their hearing in 
adulthood. We reasoned that acquired hearing loss might afford increased practice with lipreading and 
force increased reliance on the visual signal for speech perception. We found that older adults who 
had hearing loss performed the same on tests of word and sentence recognition than older adults with 
normal hearing when tested in vision-only and audiovisual test conditions. Figure 2 shows 
performance for the sentence task. As in the Sommers et al. (2005) paper, the auditory-only condition 
was controlled by presenting background babble so participants would be equated in this condition. 
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Figure 2.  Words correct in sentence context, as presented in three different conditions (V, A, AV). 

(Adapted from Tye-Murray et al., 2007a). 
    
From these two studies, we can conclude that the audiovisual speech advantage appears to be 

unaffected by either aging or the presence of hearing loss  (and implicitly, by the opportunity for 
perceptual learning). These findings led our research team to further question the basis for the super-
additive effect of auditory-only and vision-only speech perception on audiovisual speech performance. 

Some researchers have suggested that an individual’s ability to integrate auditory and visual speech 
perception may account for the audiovisual speech advantage, and that some people are simply better 
at integrating the auditory and visual speech signals than are others. In this view, it is postulated that 
audiovisual integration occurs as a distinct stage of the speech perception process (e.g., Grant, Walden, 
& Seitz, 1998; Massaro, 1998; Ouni, Cohen, Ishak, & Massaro, 2007). For example, Grant et al. (1998) 
proposed that audiovisual speech perception entails three sequential stages.  First, there is a stage for 
perceiving the auditory and visual speech cues, then there is a stage for integrating the two kinds of 
speech cues, and finally, there is a stage for accessing the mental lexicon. Some people have greater 
ability at this second stage, integration, than do others, and this accounts for the variability in 
audiovisual speech perception, at least in part. 

 However, because neither age nor practice appears to affect one’s ability to integrate, we sought 
to determine whether we could account for the super-additive effect without postulating an integrative 
ability and a distinct integration stage in the speech perception process. To this end, we tested a group 
of participants who ranged in age from 20 years to 93 years using a matrix sentence test.  A matrix 
sentence test is a test that has a closed set of words embedded in a sentence context, “The ____ and 
the ____ saw the ____ and the ____.” Use of a matrix test format precludes floor effects in a vision-
only condition.   

We equated participants’ performance in an auditory-only condition, as in our previous 
experiments, by adding background babble until they reached about a 30% words correct performance.  
In a similar vein, we equated their vision-only performance by blurring the visual speech signal to the 
point where each participant could recognize about 30% of the words. As shown in Figure 3, when 
unimodal performance was equated, participants achieved similar audiovisual word recognition scores 
and similar audiovisual speech advantage. This finding suggests that auditory-only and vision-only 
speech recognition abilities alone can account for an individual’s audiovisual speech recognition in 
noisy situations and that neither age nor an assumed integrative ability further enhances predictions. 
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Figure 3.  Percent word correct for participants who range in age, where performance was equated 

in the two unimodal conditions, V-only and A-only (Adapted from Tye-Murray et al., 2016). 
 
To further bolster this conclusion, we performed a regression analysis.  We found that after vision-

only and auditory-only speech recognition scores were entered into the regression model, adding age 
as a predictor did not significantly increase the model’s ability to account for variance in audiovisual 
performance. Based on these analyses, we concluded that the audiovisual speech advantage may stem from 
the complementary and reinforcing nature of the auditory and visual signals, and not to some integrative 
ability, and that age may have little direct influence apart from its effects on unimodal perceptual abilities.  

Recently, we analyzed the performance on a word test completed by this same group of participants. We 
performed a nonlinear regression analysis using percent word correct scores that were obtained in an 
auditory-only, vision-only, and audiovisual condition (Myerson et al., in review). We considered participants’ 
accuracy in the audiovisual condition as a function of the probability of their getting words correct in that 
condition as estimated based on the participants’ accuracy in the auditory-only and vision-only conditions.  
Unimodal performance predicted 88% of the variance. Taken together with the Tye-Murray et al. (2016) 
results, these two studies, which differed in testing conditions and speech material, demonstrate that listening 
and lipreading abilities are sufficient to predict an individual’s audiovisual speech recognition in noisy 
situations and that neither age nor an assumed integrative ability further enhance predictions. 

 

CONCLUSIONS 
 

The studies reviewed in this paper suggest that even though lipreading is difficult, the visual speech 
signal is important for face-to-face communication.  The visual signal greatly enhances one’s ability 
to perceive speech in difficult listening conditions, such as in the presence of background babble.  In 
addition, aging diminishes one’s ability to take advantage of visual speech information and simply 
having hearing loss does not make you become a better lipreader.  

Finally the decline in older adults’ audiovisual speech perception can be attributed almost entirely 
to declines in unimodal speech performance and not to some audiovisual integrative ability.  
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ABSTRACT 

Cochlear implants (CI) aim at (partially) restoring listening in patients with profound hearing loss by 

electrical stimulation of the auditory nerve. CI recipients frequently have particularly good skills in using 

visual speech (1, 2). This may be due to the need to overcome the relatively limited cues provided by the 

electrical stimulation thereby supporting the outcome of the CI. Hence, audiovisual speech plays an 

especially crucial role in CI users. Moreover, assessing audiovisual perception has high ecological validity 

since daily-life communication typically contains both, auditory and visual speech cues.   

 

However, audiovisual speech is often not systematically considered with CI rehabilitation, partly due to the 

lack of appropriate speech material. One promising approach is the use of virtual reality (VR) to provide 

visual speech cues. So called “talking heads” allow visualization of arbitrary speech materials and have the 

advantage of combining realistic settings with precise control of stimulus presentation (3, 4).  

 

The present talk gives insight into VR-based audiovisual speech presentation and shows several research 

areas addressing speech perception in cochlear implant listeners.  

 

Keywords: cochlear implant, audio-visual speech, virtual reality 
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ABSTRACT 
In face-to-face conversation, when a speaker talks, the outcome of their speech can both be heard (audio) and 
seen (visual). We employed a novel visual phonemic restoration paradigm to assess neural signatures (event 
related potentials [ERPs]) of audiovisual processing in typically developing children and in children with 
ASD.  During EEG recording, two types of auditory stimuli were alternately presented with video of a 
speaker saying the consonant-vowel syllable /ba/: 1) a synthesized consonant-vowel syllable /ba/ or 2) a 
synthesized syllable derived from /ba/ in which auditory cues for the consonant are substantially weakened, 
such that it sounds more like /a/. The auditory stimuli are easily discriminable, however, in the context of a 
visual /ba/, the auditory /a/ is typically perceived as /ba/, producing a visual phonemic restoration.  In an 
ERP context, we have shown that this restoration leads to an attenuated phoneme discrimination response in 
an active task in typical adults and children.  To explore the hypothesis that children with autism spectrum 
disorder (ASD) have atypical AV speech integration under pre-attentive processing conditions, we tested 
whether children with ASD would show a reduction in this restoration effect under passive listening 
conditions.  Indeed, in this task, children with ASD showed a large /ba/-/a/ discrimination response, even in 
the presence of a speaker producing /ba/, suggesting reduced influence of visual speech. 
 
Keywords: Audiovisual, Speech, Autism, Phonemic Restoration 
 

1. INTRODUCTION 
In face-to-face interactions, listeners can both hear and see what a speaker is saying. Visual information about 
speech has been shown to influence what listeners hear, increasing identification of the speech signal both in 
noisy environments [1] and in clear listening conditions, where mismatched auditory and visual speech 
results in a new percept (known as the McGurk effect [2]). Natural listening environments are often noisy, 
particularly for children (e.g. classrooms, cafeterias, playgrounds), making the ability to use the multimodal 
speech signal central in understanding of the spoken message. Critically, any loss in the ability to understand 
a speaker’s message can lead to cascading negative effects in social communication, already primary deficits 
for children with an autism spectrum disorder (ASD).  
 
Children with an ASD have been reported to have impaired processing of audiovisual or (AV) speech in 
comparison to their typically developing (TD) peers, with data from a number of studies suggesting weaker 
integration of the face and voice [3-7]. These deficits in integration are indicated by less influence of the 
speaker’s face in audiovisual tasks such as speech in noise (where the listener must integrate the face and 
degraded speech sound to identify what was said) and mismatched audiovisual speech (where the face and 
voice are different signals, and, if integrated, will lead to a visually influenced percept), both of which occur 
in a robust manner in children with TD. Weakened integration would significantly impair a listeners’ ability 
to recover or disambiguate a speaker’s message in noisy listening environments, which may account for some 
of the observed language difficulties in children with ASD.  
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In addition to these behavioral findings, a few recent studies have utilized event related potentials (ERPs), 
which provide an objective neural index of perception, to explore AV speech processing in individuals with 
ASD. For example, Magnée et al., 2008 [8] found that adults with ASD do not show typical congruency 
associated N2 effects (e.g. to a face and voice with matching vs. mismatching emotional valence), suggesting 
that adults with ASD are less sensitive to mismatching AV speech stimuli. Moreover, a recent ERP study 
found that infant siblings of individuals diagnosed with ASD (who are at greater risk of ASD themselves) 
show a prolonged latency in later P400 components in responding to direct gaze during face processing [9]. 
Taken together, these studies indicate that individuals with ASD have difficulty using visual speech 
information during perception of a speaking face. This does not appear to be simply due to less looking to 
the face of a speaker – Irwin, Tornatore, Brancazio & Whalen (2011) [6] controlled for this by examining AV 
speech perception only when children were fixated on the face of the speaker and reported significant 
differences in children with ASD as compared to TD controls in visual influence on heard speech.  
 
While existing studies are suggestive of atypical response to AV speech in children with ASD and their 
siblings, the paradigms used to date for studying AV speech may not be ideal for use in this population 
because they make additional processing demands beyond perception of audio and visual speech. Specifically, 
studies that use speech in noise and/or mismatched (or McGurk type) AV tasks have potential limitations for 
young children and those with ASD [10]. The McGurk Effect creates a percept that differs from either the 
visual or auditory signal alone because of conflict between the two modalities. These percepts are identified 
as poorer exemplars of a category than matched A + V stimuli [11]. This approach may be particularly 
problematic for those with ASD because weaknesses in executive function can lead to difficulties in 
identification of ambiguous stimuli [12]. Additionally, studying AV speech perception using paradigms that 
utilize auditory noise is problematic because noise is generally disruptive for individuals with ASD in the 
perception of speech [13].  
 
In order to examine visual influence on heard speech in children with autism, we have developed a measure 
that involves neither noise nor auditory and visual category conflict that can serve as an alternative to 
assessing audiovisual speech processing (also see [14] for a related approach). This new paradigm, which we 
describe in detail in Irwin et al. [15], uses restoration of weakened auditory tokens with visual stimuli. Two 
types of stimuli are presented to the listener: clear exemplars of an auditory consonant-vowel syllable (in this 
case, /ba/), and syllables in which the auditory cues for the consonant are substantially weakened, creating a 
stimulus which is more /a/ like, from this point on referred to as /a/. The auditory stimuli are created by 
synthesizing speech based on a natural production of the syllable and systematically flattening the formant 
transitions to create the /a/. Video of the speaker’s face does not change (always producing /ba/), but the 
auditory stimuli (/ba/ or /a/) vary. Thus, when the /a/ auditory stimulus is dubbed over the visual /ba/, a visual 
influence will result in effectively "restoring" the weakened auditory cues so that the stimulus is perceived 
as a /ba/, akin to a visual phonemic restoration effect [16 - 18]. 
 
To provide a sensitive measure of AV speech processing in typically developing children and those with ASD, 
we measured neural signatures of audiovisual perception and integration using this novel visual phonemic 
restoration method. We utilize an equiprobable paradigm to elicit ERP responses to /a/ and /ba/. All speech 
tokens are paired with a face producing /ba/. In this paradigm, if the visual /ba/ causes the auditory /a/ to be 
perceived as /ba/ (phonemic restoration), then ERP response to both tokens should be similar. However, if 
audio and visual speech are not integrated (no phonemic restoration) we would expect a differential, or 
phoneme mismatch response. Here we hypothesize that children with ASD, who are suspected to exhibit 
deficits in AV integration, will be less likely to use visual speech to effectively restore the /a/ sound to a /ba/ 
percept. If this is the case, children with ASD would exhibit a larger mismatch response (here, mismatch 
negativity (MMN)) for the auditory /a/ - visual /ba/ condition relative to their typically developing (TD) 
controls.  
 
2. Method 
2.1 Participants 
Fifty-one monolingual American English-speaking children participated: 18 children with ASD (13 males 
and 5 females, ages 7.6-14.9, mean age 10.7, SD 2.4) and 32 TD children (14 males and 18 females, ages 
5.3-13.2, mean age 9.9, SD 2.0). All participants were right-handed, and had normal vision and hearing. 
Children in no history or developmental delays per parent report. For characterization purposes, all 
participants in the ASD group had a clinical diagnosis of an ASD and completed the Autism Diagnostic 
Observation Schedule – second edition [ADOS-2, 19] and their parents completed the Autism Diagnosis 
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Interview Revised [ADI-R, 20]. Performance IQ subtests from the Wechsler Abbreviated Scale of 
Intelligence were used for matching of groups [21]. All data were collected according to the ethical guidelines 
laid out by the Yale University Institutional Review Board. Written consent was obtained from participants’ 
primary caregivers and written assent from child participants.  

 
Due to differences between samples in demographic characteristics, we report two sets of analyses below. 
The first analysis includes data from all participants in both groups. The second analysis includes data from 
a sample of 15 participants in each group who were matched on sex, age, composite WASI scores, and 
number of usable trials (the average across conditions) using the program Match [22]. Each sample included 
10 males and 5 females, and samples did not significantly differ on any of the characteristics on which 
participants were matched: age (ASD: Range = 7.6-14.9, M = 11.0, SD = 2.4; TD: Range = 6.7-13.2, M = 
10.6, SD = 2.0; t(28) = -0.46, p = .65), composite WASI score (ASD: M = 99.5, SD = 17.1; TD: M = 105.5, 
SD = 10.9; t(28) = 1.15, p = .26); or average number of usable trials per condition (ASD: M = 45.3, SD = 
19.4; TD: M = 49.5, SD = 18.0; t(28) = 0.61, p = .55). 

 
2.3 Audiovisual Stimuli and Experimental Paradigm  
Participants completed three short audiovisual (AV) experiments designed to examine the neural basis of AV 
speech integration in our participants. The primary experiment of interest (the AV speech experiment) 
utilized the novel phonemic restoration procedure introduced above and will be reported here. This 
experiment included video of a male speaker who produced the syllable /ba/ while participants were presented 
with either a full /ba/ or the reduced /ba/ (or /a/).  
 
To produce the stimuli for the AV speech experiment, the /ba/ and /a/ synthesized auditory stimuli were dubbed 
onto video of the speaker producing /ba/, with the acoustic onsets synchronized with the visible articulation 
time locked to a single video frame. The stimuli for the AV speech were created by videotaping and recording 
an adult male speaker of English producing the syllable /ba/. Using Praat, we extracted acoustic parameters 
for the token, including formant trajectories, amplitude contour, voicing and pitch contour [23]. Critically, 
the token had rising formant transitions for F1, F2, and to a lesser extent F3, characteristic of /ba/. To create 
our /ba/ stimulus, we synthesized a new token of /ba/ based on these values. To create our /a/ stimulus we 
then modified the synthesis parameters by changing the onset values for F1 and F2 to reduce the extent of 
the transitions and lengthened the transition durations for F1, F2 and F3, and then synthesized a new stimulus.  
 
Instructions and a practice trial were presented prior to the start of the electroencephalography (EEG) session, 
which consisted of 3 experiments containing 200 equiprobable pseudorandomized presentation of 100 /ba/ 
and 100 /a/ tokens each. Total EEG session time was approximately 45 minutes, depending on length of 
breaks and amount of EEG net rehydration between experiments. 
 
EEG Data Collection 
EEG data was collected with a Philips Neuro (formerly Electrical Geodesics Inc) EEG System using 128 
Ag/AgCl electrodes embedded in soft sponges woven into a geodesic array. The EEG sensor nets were soaked 
for up to ten minutes prior to use in a warm potassium chloride solution. Impedance for all electrodes was 
kept below 40 kΩ throughout the experimental run (impedances were re-checked between experiments – 
approximately every 15 minutes). Online recordings at each electrode used the vertex electrode as the 
reference and were later referenced to the average reference. EEG was continuously recorded using Net 
Station 4.5 on a MacPro. Stimuli were presented using E-Prime version 2.0.8.90 (Psychology Software Tools, 
Inc., Sharpsburg, PA, USA) on a Dell computer  running Windows XP. Audio stimuli were presented from 
an audio speaker centered 85 cm above the participant at 65 decibels. Visual stimuli were presented on a Dell 
17-inch flat panel monitors 60 cm from the participant.  

 
ERP Data Preprocessing 
Preprocessing was conducted using Net Station 5.4. EEG data were band-pass filtered between .3 and 30 Hz 
(Passband Gain: 99.0% [−0.1 dB], Stopband Gain: 1.0% [−40.0 dB], Rolloff: 2.00 Hz) and segmented by 
condition, 100 ms pre-stimulus to 800 ms post-stimulus. Eye blinks and vertical eye movements were 
examined with electrodes located below and above the eyes (channels 8, 126, 25, 127). Horizontal eye 
movements were measured using channels 125 and 128, located at positions to the left and right of the eyes. 
Artifacts were automatically detected and manually verified for exclusion from additional analysis (bad 
channel >200 microvolts, eye blinks >140 microvolts and eye movement >55 microvolts). For every channel, 
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33% or greater bad segments was used as the criteria for marking the channel bad; for every segment, greater 
than 20 bad channels was used as a criterion for marking a segment bad. Participants with less than 15% of 
a possible 100 usable trials in any condition were excluded from analysis. The average usable trial count 
across all conditions was a mean of 51.0 (SD = 19.6) and each condition had similar amounts of usable data, 
/ba/ mean = 50.9 (SD = 20.5) and /a/ mean = 51.1 (SD = 19.5). Bad channels (fluctuations over 200 μV) were 
spherical spline interpolated from nearby electrodes. Data were baseline-corrected using a 100 ms window 
prior to onset of all stimuli. Data were re-referenced from vertex recording to an average reference of all 129 
channels. All processed, artifact-free segments were averaged by condition, producing a single event-related 
potential waveform for each condition. 

 
ERP Data Analysis 
Electrode montages and temporal windows were selected based on a combination of previous literature, 
including our own findings in a similar paradigm, and visual inspection [26, 27]. Visual inspection of our 
data revealed two negative mismatch associated peaks within the expected central scalp location; the first fell 
in between 250 and 400 milliseconds (Early Mismatch Negativity; Early MMN), and the second fell between 
400 and 550 milliseconds (Late Mismatch Negativity; Late MMN). For analysis, we identified the most 
negative peak in a cluster of eleven central electrodes (see Figure 2) within each latency window for each 
individual and used the amplitude of this peak as the dependent variable. To examine the ERP effects of 
speech stimulus (congruent /ba/ vs. incongruent /a/) by group, we ran a 2 × 2 × 2 repeated measures ANOVAs 
with group (ASD vs. TD) as a between-subjects factor, and latency window (Early MMN vs. Late MMN) 
and speech stimulus (congruent vs. incongruent) as within-subjects factors. To examine the ERP effects of 
speech stimulus (congruent /ba/ vs. incongruent /a/) by group, we ran a 2 × 2 × 2 repeated measures ANOVAs 
with group (ASD vs. TD) as a between-subjects factor, and latency window (Early MMN vs. Late MMN) 
and speech stimulus (congruent vs. incongruent) as within-subjects factors. 

 
3. RESULTS 
All participants. No main effects or two-way interactions reached statistical significance, all Fs < 2.2, all ps 
> .14. Crucially, however, the three-way interaction between group, latency window, and speech stimulus 
was statistically significant, F(1,48) = 5.29, p = .026, indicating different patterns of sensitivity to AV-
congruent and AV-incongruent stimuli across groups in the two latency windows. 
 
To explore this interaction further, we conducted planned contrasts separately for each group and latency 
window. In the Early MMN window, the ASD group showed a greater negativity to incongruent stimuli than 
to congruent stimuli, B = -1.13 μV, 95% CI = ±0.48 μV, t(48) = -4.78, p < .0001, but the TD group did not, 
B = -0.01 μV, 95% CI = ±0.35 μV, |t| < 1. Consistent with this pattern, the ASD group showed a larger 
negativity to AV-incongruent stimuli than the TD group in the Early MMN window, B = -0.56, 95% CI = 
±0.30 μV, t(48) = -3.78, p < .0004. 
 
In the Late MMN latency window, neither group showed sensitivity to AV-congruence, ASD: B = -0.36 μV, 
95% CI = ±0.48 μV, t(48) = -1.54, p = .13; TD: B = -0.21, 95% CI = ±0.35 μV, t(48) = -1.16, p = .25, and 
groups did not differ in this (lack of) sensitivity, B = -0.08, 95% CI = ±0.30 μV, |t| < 1. 
 
Fig.1 (left panel). The electrode montage. Electrodes included in the cluster for analysis (n=11) are colored 
in green; Fig. 2. (Right panel). Grand mean ERP waveforms for all groups, for the electrode cluster shown 
in Fig. 2. Early and late MMN windows are highlighted in darker and lighter grey boxes, respectively. 
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Matched participant samples. No main effects or two-way interactions reached significance, all Fs < 
1.3, all ps > .26. The three-way interaction between group, latency window, and speech stimulus did not 
reach significance either, F(1, 28) = 2.88, p = .101. 

We conducted planned contrasts separately for each group and latency window, which revealed a pattern 
that was statistically identical to the analysis of all participant data. In the Early MMN window, the ASD 
group showed a greater negativity to incongruent stimuli than to congruent stimuli, B = -0.94 μV, 95% CI = 
±0.61 μV, t(28) = -3.15, p = .004, but the TD group did not, B = 0.33, 95% CI = ±0.61 μV, t(28) = 1.10, p = 
.28. Consistent with this pattern, the ASD group showed a larger negativity to AV-incongruent stimuli than 
the TD group in the Early MMN window, B = -0.63, 95% CI = ±0.43 μV, t(28) = -3.00, p = .006. 

 In the Late MMN latency window, neither group showed sensitivity to AV-congruence, ASD: B = -
0.24 μV, 95% CI = ±0.61 μV, |t| < 1; TD: B = 0.01, 95% CI = ±0.61 μV, |t| < 1, and groups did not differ in 
this (lack of) sensitivity, B = -0.13, 95% CI = ±0.43 μV, |t| < 1.   

 
Fig. 3. Grand mean ERP waveforms separately for each group, for the electrode cluster shown in  
Early and late MMN windows are highlighted in darker and lighter grey boxes, respectively. 
 

 
 
              

4. CONCLUSIONS 
Children with an autism spectrum disorder have been reported to be less influenced by visible speech even 
when controlling for gaze to the face of a speaker. However, the underlying mechanisms of deficits in 
audiovisual speech perception are still unknown. We employed a novel visual phonemic restoration paradigm 
in a passive ERP paradigm to assess neural signatures of audiovisual processing in typically developing 
children and in children with ASD. The two stimulus types, an auditory consonant-vowel syllable /ba/ and a 
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syllable in which the auditory cues for the consonant was substantially weakened (/a/) were paired with video 
of a speaker producing /ba/. In this paradigm, the video of the speaker producing /ba/ can restore perception 
of the consonant when paired with the auditory /a/, leading to a perception of /ba/. If this phonemic restoration 
occurs, it should lead to an attenuated ERP discrimination response (here, the MMN), providing a measure 
of integration of the visual and auditory speech signals. We found that children with ASD had a larger MMN 
response relative TD children, suggesting reduced audiovisual integration. We note however that one 
limitation of the current study is that we did not have an auditory only control condition for exploring the 
/ba/ vs. /a/ contrast with no visible speech, thus it is unknown whether children with ASD have atypical 
patterns of speech perception for this contrast. 
. 
These findings provide preliminary evidence of impaired integration of auditory and visual speech signals in 
ASD in a passive AV speech processing paradigm. Because children with ASD showed a greater /ba/-/a/ 
discrimination response in the presence of video of the speaker producing /ba/ in this passive condition, this 
indicates that children with ASD show reduced influence of visual speech. Future work will directly compare 
passive and active ERP response to AV speech and will include an auditory only condition.  
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Abstract
The benefit from speech-enhancing algorithms in hearing devices may depend not only on the acoustic envi-
ronment, but also on the audio-visual perception of speech, e.g., when lip reading, and on other visual cues. In
particular, the functioning of speech-enhancing algorithms depends on the motion behavior of the user, which
in turn depends on visual cues. In this presentation we introduce various audio-visual stimuli used for evalua-
tion of speech-enhancing algorithms in hearing devices. The stimuli include video recordings of the Oldenburg
sentence tests (OLSA), real-time animation of lip movement for virtual animated characters, and complex audio-
visual environments. We will discuss the effects of the material on speech perception and motion behavior, and
outline applications of these stimuli. Results show that visual cues provide a benefit in terms of speech recep-
tion thresholds in the audio-visual OLSA. This benefit can not be found with the animated lip movement using
a simple vocal tract model. However, it was found that the animations are sufficient to achieve natural motion
behavior. This presentation is related to contributions at this conference of Llorach et al. on details of audio-
visual speech test material [19], and Hendrikse et al. on natural motion behavior and its influence on hearing
aid algorithm performance in complex listening conditions [12].
Keywords: Audio-visual stimuli, speech enhancement, speech material, virtual reality

1 INTRODUCTION
Understanding speech does not only involve hearing, but also seeing, e.g., for lip reading [3, 20, 2] or switching
of attention [1], or other non-verbal behavior, e.g., facial expressions [22]. The benefit of speech-enhancing
algorithms in hearing devices is often evaluated using audio-only stimuli (e.g., [16, 28, 26]). However, the
benefit of such algorithms may depend on visual factors as well: hearing impaired and normal hearing listeners
benefit from lip reading. Furthermore, typical conversational behavior, like looking at the active speaker, may
support the listener in identifying and attending the target source in adverse listening conditions [5, 23, 1]. In
the case of hearing aids, the head movements of the user may significantly interact with algorithm benefit: the
directional benefit of fixed beamformers can only be exploited if the user is facing the target. The fact that head
motion behavior significantly depends on the presence of visual cues [13] shows that audio-visual stimulation is
an important factor in studying movement-algorithm interaction.
Evaluation of speech-enhancing algorithms may serve various goals. One aspect is the assessment of specific
interaction with acoustic parameters, e.g., noise field properties. Here, the participant serves only as a sensor,
and multi-model stimulation is not required. Another aspect is the prediction of real-life benefit of hearing
devices. In this context, multi-modal assessment is more important. In the first place, being able to see the
face of the speaker and lip-reading is more representative of a real-life situation. Secondly, the audiovisual
simulations should not be limited to lip movements and facial expressions, as the head motion affects the benefit
of hearing devices. Thus, audiovisual simulations should include realistic environments, audiovisual distractors
and interaction with the participant. This way, systematic evaluation of speech-enhancing algorithms with audio-
visual stimuli fills the gap between acoustic-only assessment and field tests where control over the stimuli is
not possible.
For the assessment of behavior and the evaluation of algorithms which depend on the motion behavior of the
user, interactivity is important: hearing aid algorithms may change their processing interactively. Examples of
such algorithms are a directional microphone steered by the gaze [4], and a directional filter controlled by gaze-
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based auditory-attention-decoding [7]. Furthermore, to achieve natural motion behavior, the immersion into a
virtual audio-visual environment needs to be sufficiently high to create a sense of being present in the envi-
ronment. Interaction of the participants with the virtual audio-visual environment may contribute to an increase
of the sense of presence [21]. For example, in the case of audio-visual virtual environments, incorporation of
self-motion in the rendering allows to look behind objects, and thus achieves a sense of depth.

2 METHODS
2.1 Audio-visual matrix speech test
The matrix speech test is an established method of testing speech intelligibility in noise [10], available in many
languages [16]. The matrix test consists typically of non-predictable sentences of five words, e.g., “Peter sees
eleven old gloves.”. For each word position, ten different words are available. From this 5×10 matrix, lists of
sentences are chosen.
Creating such a speech corpus requires big effort. The material needs to be phonetically balanced, and calibrated
to achieve equal intelligibility for each word. Furthermore, for the benefit of natural transitions between words
in more recent versions of matrix tests each combination of words is recorded as a full sentence for a reduced
set of sentences. For example, the female version of the “Oldenburger Satztest” [27, 28] consists of set of 120
different sentences.
Two options of creating an audio-visual matrix speech test are possible: to re-record the whole speech corpus,
using audio and video recordings, or to record video-only material matching an existing speech corpus. In this
study, we decided to record videos and align them with existing speech material [27]. This way, it is possible to
use an established and calibrated speech corpus. For the recording of the material, the original female speaker
was hired. The acoustic speech corpus was presented to the speaker via in-ear headphones. Each sentence was
repeated several times, and the speaker was asked to speak along with the recording. Videos were recorded
together with a linear time code (LTC) signal and a microphone recording of the new utterance of the speech
material.
For the editing, the video recording of each sentence was matched with the original speech corpus based on the
time code. The best-matching recording was selected based on highest speech envelope similarity between the
original corpus and the new recording, and by manual selection.

2.2 Automated animation of lip movement
For higher flexibility it is often advisable to use virtual simulated visual environments, with animated virtual
characters [18, 13, 14]. Here, we use a very simple vocal tract model, which estimates the normalized signal
power in three frequency bands [17]. A linear mapping was manually adjusted to control three different blend
shapes of the animated characters: kiss blend shape, lips pressed blend shape, mouth open blend shape. This
method has the advantage of being real-time applicable , e.g., it permits to speak through a microphone and
generate the corresponding lip-syncing instantaneously. However, the visual quality is lower than alternative
approaches based on phoneme classification.

2.3 Automated animation of conversational behavior
Head movement of animated virtual characters should be related to the conversation content. In our simulation,
to simulate conversational head motion behavior in a multi-talker situation, the gaze of all animated characters
belonging to the same conversation is controlled by the speech signals. Whenever a speech onset is detected
in any of the character’s audio content, a message is sent to the other characters to look at the mouth position
of the active speaker. The head- and eye direction is controlled using inverse kinematics, to follow the gaze
target position. This method is real-time capable, because it does rely only level estimators of the clean speech
signals.
In addition to automated conversational gaze behavior, the gaze target position can also be controlled manually,
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(a) cafeteria (b) lecture hall (c) living room (d) street (e) train station

Figure 1. Overview of the virtual audio-visual environments used in [11].

e.g., to visually guide the participants attention towards target direction and to indicate stimulus presentation.

2.4 Influence of visual cues on motion behavior
In the study of Hendrikse et al. [13] the influence of visual cues such as using animations instead of video
recordings on motion behavior and general audio-visual perception was assessed. As measures, subjective ratings
with the items ’quality of virtual experience’, ’perceived intelligibility’ and ’perceived listening effort’ were
collected. Furthermore, the gaze behavior was assessed by measuring the distance between the gaze and target
direction.

2.5 Virtual audio-visual environments
A set of complex virtual audio-visual environments, containing not only speech targets, but also dynamic moving
distractors, was developed [11, 6] (see Figure 1). This set contains conversations in a crowded cafeteria, on a
street, in a train station, a presentation in a lecture hall, and a living room. All environments contain animated
virtual characters. For reproduction of the acoustic part, the toolbox for acoustic scene creation and rendering
(TASCAR) [9, 8] can be used. An overview of methods applicable for capturing and reproduction of audio-
visual stimuli can be found in [18].

3 RESULTS
3.1 Audio-visual matrix sentence test - Benefit of visual cues on SRT
The speech reception thresholds (SRT) adapted to 80% correct sentence scores were measured in a matrix
speech test (OLSA, [28]) with audio-only stimuli, audio+video stimuli, and audio+animation stimuli. The study
was performed with 15 elderly normal-hearing participants (mean age 70.7± 5.4a, 11 female, 4 male). The
visual stimulus, if any, was presented via a computer screen in front of the participants. The size of the image
and the distance was corresponding to typical face-to-face communication. The acoustic stimulus was presented
via one speaker in front of the user. The audio and video signals were synchronized. We used a video with
frame numbers and the corresponding LTC recorded by an external camera for calibrating the offset. For a
subset of the participants, also SRT at 50% intelligibility was measured.
The individual benefit of the visual stimuli on SRT at 80% intelligibility (shown in Figure 2, left panel) was
4.2 dB on average (2.5 dB standard deviation) for the video recordings, and −0.1 dB (0.7 dB standard de-
viation) for the animations. At 50% intelligibility, the benefit was 6.2± 1.5 dB for the video recordings, and
−0.3±0.6 dB for the animations (Figure 2, right panel). The audio-visual video condition is significantly easier
to understand than the audio-only condition (t-test, 5% significance level). The individual benefit of the recorded
video is up to 10 dB, which is comparable to the findings of [24] and [25]. No significant difference from zero
can be found for the animation condition, which means that the animations do not provide any benefit in speech
intelligibility, but also don’t have a detrimental effect.
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Figure 2. Benefit of the visual stimuli on speech intelligibility, for SRT at 80% intelligibility (left panel) and
SRT at 50% intelligibility (right panel). Positive values correspond to lower SRTs and thus a larger benefit.
Presenting videos along with the acoustic stimuli provides a significant benefit, the lip animations do not affect
SRTs.

3.2 Visual target cues and motion behavior
In [13] the head movement and gaze behavior was measured in conversations between four people in different
visual conditions. The conversations were recorded as videos. For the playback either the videos were shown
(condition ’video’), the audio signals were presented alone (condition ’audio only’), or a simulation with ani-
mated characters in three different animation modes along with the original audio signals was presented. The
animations combined lip-syncing and gaze animations. The lips and mouth were animated in the conditions ’no
lip-syncing’ (NLS), speech-driven lip-syncing (LS, [17]), or ’fish-mouth lip-syncing’, i.e., periodic opening and
closing of the mouth (FLS). The gaze of the virtual animated characters was controlled to look either to the
participant (GS), or to the currently active target speaker, simulating a conversational gaze behavior (GT). In all
animation conditions eye-blinks were simulated randomly.
The outcome of subjective ratings resulted in a similar ranking of the conditions for all tested items: For the
items ’quality of virtual experience’ and ’perceived intelligibility’ the ranking was: ’video’, ’LS-GT’, ’LS-GS’,
’NLS-GS’, ’audio only’, and ’FLS-GS’. The ’video’ condition had the highest quality of virtual experience and
the highest perceived intelligibility. For the item ’perceived listening effort’, the ranking was: ’video’, ’LS-GT’,
’LS-GS’, ’audio only’, ’FLS-GS’, and ’NLS-GS’ (rank correlation with ’quality of virtual experience’ of 0.83).
The ’video’ condition showed the smallest listening effort. The ranking of the objective measure ’gaze direction
error’ (e.g., RMS of angular distance from target speaker) is: ’LS-GT’, ’video’, ’LS-GS’, ’FLS-GS’, ’NLS-GS’,
and ’audio only’. The condition ’LS-GT’ resulted in the smallest gaze direction error (rank correlation with
’quality of virtual experience’ is 0.77).
The systematic differences between visual conditions indicate an influence of visual cues on the motion behavior.
Even visual differences like type of lip animation, which was shown to have no effect on speech intelligibility,
affects behavior, and may in combination with speech-enhancing algorithms thus also affect performance.
Another finding of Hendrikse et al. [14] and in many other studies (see [22] for an overview) is that listeners
follow the active speaker during a large amount of time. However, a part of the gaze movements is achieved by
turning the head, and the rest is achieved by the movement of the eyes. This means that directional microphones
attached to the head will not provide the theoretically achievable maximum benefit due to misalignment. This
effect can result in an SNR difference of several dB [14].
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3.3 Visual distractors and motion behavior
In [2] it was shown that visual distractors may have a detrimental effect on speech perception. The effect is
largest for moving distractors, which consisted of a video clip in [2]. In the motion behavior observed by [14]
it can be seen that visual distractors, such as passing cars on a street, or a paper plane in a lecture hall, trigger
gaze and head movement towards the distractor. This gaze behavior can be seen as a shift of attention from
the primary auditory or audio-visual task to the distractor. Furthermore, in combination with speech-enhancing
algorithms, this behavioral response to visual distractors may affect signal enhancement performance.

4 DISCUSSION AND FUTURE DIRECTIONS
As shown in a number of studies, it can be important to use audio-visual stimuli for the assessment of speech-
enhancing algorithms. The choice of the stimuli depends on the task: as animated lip movement does not
contribute to speech intelligibility, it can not be used for tasks which rely on the visual benefit. Despite not
having an effect on speech intelligibility, animated lip movement is relevant for achieving natural motion be-
havior and experienced quality of audio-visual stimuli.
It can also be seen that animated head movement affects motion behavior and experienced quality of the virtual
environments. This is extremely relevant when assessing algorithms which are controlled by the gaze, e.g., in
gaze-based attention models [7]. For audio-visual stimuli it is also important to consist of controlled types and
amount of visual distractors, in a similar way as auditory stimuli of assessment of speech-enhancing algorithms
consist of acoustic target and noise components.
Future directions in this research field can be the improvement of stimuli. For example, the animated lip move-
ment should be improved to provide a similar SRT benefit as recorded lip movement. To allow for interactive
dynamic environments, ideally this benefit should be also reached in real-time applications.
To come closer to real-life situations, the realism of virtual audio-visual environments should be improved, as
shown in [13]. On the acoustic side the generation of Lombard-speech [15] for conversation content in noisy
environments would improve the stimuli. In the visual part, the movement of objects needs to be more natural
(e.g., deceleration of cars in curves, smoother movement).
For simulating social interaction and human-to-human interaction, systems with interaction on a conversational
level would be desirable, e.g., by the incorporation of systems with embodied conversational agents. As an
intermediate step, animated virtual characters could be controlled by the voice and gestures of the experimenter,
recorded and transmitted in real time from an acoustically and visually separated space.
A standardized exchange format would be desirable to allow for an exchange of stimuli and comparison of test
methods between labs.

5 CONCLUSIONS
This contribution shows that interactive virtual audio-visual environments may provide a basis for the develop-
ment of more realistic and ecologically valid tests of acoustic communication and speech-enhancing algorithms
with subject-in-the loop paradigms. Visual features such as the simulation of lip movement and of typical con-
versational behavior were shown to be relevant for this task. Real-time animated lip-movement, however, was
found to not be of sufficient quality yet to provide the intelligibility gains provided by video recordings.
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ABSTRACT 
Normal-hearing subjects are able to localize and identify sound sources in reverberant multi-talker 

environments. It has been shown previously that subjects can accurately analyse reverberant 
multi-talker scenes with up to four simultaneous talkers. While multi-talker scene perception has 
mainly been investigated regarding only auditory information, visual information might influence the 
subjects’ perception. In the present study, audio-visual scenes varying between two and ten talkers 
were considered. The acoustic information was provided using a spherical loudspeaker array and 
visual information was provided using head-tracked virtual reality glasses. The visual information 
represented 21 possible static talker locations and the subjects were asked to identify the content of the 
talkers and their specific locations. For the identification of talkers,  the subjects were asked to label 
visual locations with headlines from the talkers’ speech topics. The subjects were able to accurately 
analyse scenes containing up to six talkers. When more talkers were  presented in the scene, the 
azimuth localization accuracy decreased, whereas distance perception accuracy was not found to vary 
with the number of talkers. This new audio-visual scene analysis method might be a valuable tool to 
test speech perception in more realistic environments than those tested in previous investigations. 
 
Keywords: Auditory Scene Analysis, Speech Perception, Virtual Reality 

1. INTRODUCTION 
The human auditory system is able to parse complex auditory scenes, also known as a 

“cocktail-party scenario” (see (1) for a review). The term cocktail-party scenario was coined by Colin 
Cherry (2) who investigated the perception of two simultaneous talkers presented over headphones. 
The speech was presented anechoically and either diotically or dichotically. Many studies investigated 
auditory perception in more complex listening scenarios with multiple talkers spatially distributed and 
including room reverberation (1). However, it has remained unclear how the human auditory system 
processes such scenarios. 

Single speech or speech-like sound sources can be localized by human listeners with a resolution of 
up to a few degrees (e.g. 3). However, in the case of interfering stimuli presented and at negative 
signal-to-noise ratios, the localization accuracy has been shown to decrease (4–7). Kopco et al. (7) 
investigated the ability to identify and localize a target word spoken by a female talker out of four male 
interfering voices. They showed that the presence of the interferers disrupted speech localization 
accuracy relative to the condition word localization in quiet. However, the intelligibility of the target 
word was not considered in this study.  

Hawley et al. (8) studied both localization accuracy and intelligibility of a target sentence in the 
presence of interfering speech. Up to three interfering talkers were included and the localization 
accuracy was generally found to be high and not correlated to the number of interfering talkers. The 
speech intelligibility was found to decrease with increasing number of interfering talkers, while the 
target-to-masker ratio was kept constant. 

Most studies considered short speech stimuli, such as words or sentences. However, in realistic 
cocktail-party scenarios, the auditory system has generally access to longer intervals of speech. Weller 
et al. (9) used up to six scripted monologues, which were presented simultaneously in a 
loudspeaker-based virtual sound environment from locations placed around the listener. The listeners 
were asked to localize and identify the gender of the talkers in a top-down view representation of the 
listening environment. The results showed that listeners can reliably analyze a scene of up to four 
listeners. However, the authors noted that the analysis method was limited as the label for each source 
was binary (male/female) such that ambiguities could occur in the analysis. 
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In the current study, the ability of normal-hearing listeners to analyze a virtual audio-visual scene 
was investigated, containing a varying amount of talkers. The number of talkers in the scene was 
varied and the task was to specify the location in azimuth and distance and to identify the topic 
(content) of each source. The virtual audio-visual scenes were reproduced using a loudspeaker-based 
virtual sound environment and virtual reality glasses, allowing for an egocentric response. 
 

2. METHODS 

2.1 Participants 
Six young, normal-hearing participants (5 female, 1 male) took part in the experiment. The 

participants were between 21 and 26 years with an average age of 23 years and were financially 
compensated on an hourly basis. All participants provided informed consent and all experiments were 
approved by the Science-Ethics Committee for the Capital Region of Denmark (reference 
H-16036391). 

2.2 Acoustic Reproduction 
Ten stories were recorded in Danish language for this experiment. Each of the stories was read by 

10 speakers (5 female, 5 male). The speech stimuli were recorded in a sound-proof listening booth 
using a Neumann TLM 102 (Neumann GmbH, Berlin, Germany) microphone. The text of the stories 
was shown on the head-mounted display of an HTC Vive Pro (HTC Corporation, New Taipei City, 
Taiwan) to eliminate acoustic reflections from a computer screen or noise from a paper. The speakers 
could re-read sections, but no particular focus was put on accuracy. The stories were between 74 and 
120 s long and had an average duration of 93 s. 

The reproduction of the stories was done in an anechoic room with a 64-channel spherical 
loudspeaker array with a radius of 2.4 m (10). The KEF LS50 (GP Acoustics Ltd., Maidstone, UK) 
loudspeakers were driven by three sonible d:24 (sonible GmbH, Graz, Austria) amplifiers. 

The anechoic recordings of the stories were spatialized using the room acoustics simulation 
software Odeon (Odeon AS, Kgs. Lyngby, Denmark) and a nearest loudspeaker mapping method 
(NLM) from the loudspeaker auralization toolbox (LoRA, (11)). The NLM maps the direct sound as 
well as the early reflections to the geometrically closest loudspeaker. Late reflections are reproduced 
with energy envelopes represented in 1st order ambisonics and multiplied with uncorrelated noise for 
each loudspeaker (11). 

2.3 Visual Reproduction 
The virtual visual environment was reproduced using an HTC Vive (HTC Corporation, New Taipei 

City, Taiwan) virtual reality system. The head-mounted display, the hand-held controller and three 
additional Vive Trackers were tracked using the infrared ray tracking system. The Vive Trackers were 
used for a spatial calibration system as described in (12). Unity 3D with the SteamVR plugin were used 
to create and present the visual virtual environment. 

2.4 Audio-Visual Environment 
The virtual environment was a rectangular room of 9 by 12 meter and a height of 2.8 meter. Figure 

1 shows the dimensions, the listener location and the possible source locations. The source locations 
were arranged semi-circularly around the listener between -90° (left) and 90° (right) in 30° steps. 
Three distances between the listener and the sources were included, 1.4m, 2.4m and 3.4m. On each 
possible source location, a static, semi-transparent avatar was visualized as shown in Figure 2. The 
participants could interact with the visual scene by pointing towards an avatar using a hand -held 
controller with a virtual laser pointer. A button on the hand-held controller could be pressed to choose 
an avatar, while another button changed the color of the laser. Additionally, a third button was assigned 
to choose the perceived distance. 
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2.5 Experimental Procedure 
The experiment started with a familiarization phase, where subjects were asked to localize and 

identify a single source. In the familiarization phase, all ten stories were presented once to the listeners 
in random order. The talker and the location were drawn randomly on each trial.  

Subjects were provided with a color-to-story map as shown on the back wall in Figure 2 (right 
panel). Identical colors were available for the laser pointer, enabling listeners to assign stories to 
locations. After each trial in the training phase, feedback of the correct location was provided to the 
listeners. The audio was played for 60 s, with no response time limit. 

In the test phase of the experiment, the number of sources in the scene was varied between two and 
ten talkers. For each source, a unique talker, story and location were randomly chosen. No limitations 
regarding the distribution of the locations were considered. The audio was played for 120 s, without a 
time limit for the listeners’ response. If a story was shorter than 120 s, it was re-started from the 
beginning. The subjects could indicate that they had finished analyzing the scene by pressing a button. 
Each scene complexity (two to ten sources) was tested three times with random source locations, 
stories and talkers. The order of the scene complexity conditions was randomized. 

 
 

    
Figure 2 - Left: View on the virtual visual scene including the room and the possible source locations 

(semi-transparent avatars). Right: View from the participant’s position. The colored icons indicate the topics 

of the stories, which correspond to the color of the laser pointer. The clock on the back wall indicates the 

remaining time in the current scene. 
 
 

Figure 1 - Sketch of the virtual room with the listener location and the possible source locations. The height of

the virtual room was 2.8 m. 
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3. RESULTS 
Figure 3 shows the correctly identified number of sources (panel A) and the number of perceived 

sources (panel B) in a scene as a function of the number of presented sources. The grey symbols show 
the individual results of the listeners and the black squares indicate the mean over all listeners. When 
up to six sources were presented in a scene, the listeners were, on average, able to accurately estimate 
the number of sources (panel A). For more than six sources, the accuracy decreased. Generally, the 
number of sources was underestimated when more than six sources were presented (panel B). Some 
subjects were found to identify the number of sources correctly until seven sources, while others had 
incorrect responses when four sources were presented simultaneously.  

  

       
Figure 3 – Percent correct identified number of sources in a scene (A) and the number of perceived sources 

in a scene (B) as a function of the number of sources presented. The open symbols (grey lines) represent the 

individual listeners (averaged over the three repetitions) and the black squares represent the mean over the 

listeners. 

Figure 4 shows the median time to complete a trial as a function of the number of sources in a scene. Even 

though the audio was played for only two minutes, the listeners took some extra time after the audio was 

finished when many sources were present. When only a few sources were presented in a scene, the time to 

complete the analysis was substantially lower. 

 

 
Figure 4 - The time to complete a single scene as a function of the number of sources. The open symbols 

(grey lines) represent the median over the three repetitions of the individual listeners and the black squares 

represent the mean over the listeners.

A B 
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Figure 5 shows the spatial accuracy of the responses as a function of the number of sources in a scene. 
Panel A shows the root-mean square (RMS) azimuth error and panel B shows the RMS distance error. 
The error calculation only includes occurrences where a talker was perceived in the scene, thus, when 
the subjects wrongly estimated the number of talkers, only the responded talker was included in this 
analysis. The subjects correctly identified the azimuth direction for up to five sources and the error 
remained low also for six and seven sources. When more sources were presented in the scene, the error 
increased to up to 10°. The RMS distance error was, on average, found to be 0.4 m and roughly 
independent of the number of sources in the scene. 
 

 
Figure 5 - Accuracy of the azimuth (A) and distance (B) perception as a function of number of sources. The 

open symbols (grey lines) represent the individual listeners, averaged over the three repetitions, and the black 

squares represent the mean over the listeners. 
 

4. DISCUSSION 
In the current study, the limit of accurately analyzing a scene was found to be at six talkers, which 

differs from the results obtained in Weller et al. (9) where a limit of four talkers was observed. Several 
differences between the two studies might have contributed to this difference. In the current study, the 
listeners heard 2 min. of audio, whereas Weller et al. (9) only played 45 s. Only the scenes with two and 
three talkers were finished within 45 seconds in the present study. In these conditions, the results of the 
two studies were in fact similar. 

The RMS errors of both azimuth and distance localization were lower than in Weller et al. (9). This 
might be due to the lower number of possible azimuth directions and distance considered in the current 
study. Furthermore, in the current study a direct and egocentric response method (first-person view) 
was used, in contrast to the top-down representation of the scene in Weller et al. (9). It is possible that 
this translation from the first-person percept to the top-down response requires additional processing 
and thus reduces the accuracy (13,14). 

In the current study an increased azimuth error was found for large number of sources. The 
increased azimuth error in these more complex scenes could possibly be explained by the task. The 
listeners were instructed to indicate the location of a perceived source even when it was unintelligible. 
Thus, there is a greater risk that a random story is indicated, which matches another story elsewhere in 
the scene. Here, the listeners were asked to prioritize the task of indicating the number of perceived 
sources over the task of accurately localizing the sources on the expense of a possible inflation of 
localization error in a scene with a large number of talkers. However, that would also have increased 
the distance perception error, which was not found to depend on the number of talkers in a scene. 
Furthermore, Weller et al. (9) specifically instructed their subjects to not guess if a talker was 
unintelligible and found generally higher errors than in the current study. 
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5. CONCLUSIONS 
The ability of listeners to analyze audio-visual scenes with varying complexity was investigated. 

The complexity was varied by changing the number of simultaneous talkers. The audio -visual 
scenarios were reproduced using a loudspeaker-based virtual sound environment and head-tracked 
virtual reality glasses. The acoustic stimuli consisted of spatialized monologues and the visual 
stimulus of avatars without lip movements. It was found that subjects were able to accurately analyze 
such a virtual audio-visual scene in conditions with up to six talkers. When more talkers were 
presented, the detection accuracy of the number of sources decreased as did the azimuth localization 
accuracy. 

The presented method allows for a more realistic testing than traditional speech intelligibility test 
paradigms as the task of analyzing a complex scene appears more realistic than repeating single words 
or sentences. 
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Abstract
The at-ear sound pressure decreases with the distance to the source. Since pressure plays an essential part in
loudness judgments, loudness could be expected to decrease similarly with the distance to the source. Yet,
several studies reported conflicting results when assessing loudness as a function of sound source distance. The
present study gathers loudness judgments for noise bursts displayed from several distances from listeners in a
virtual environment. A visual representation of the distant sound sources could or could not be available to the
listeners in order to modify the perceived distance of these sounds since visual distance cues affect auditory
distance perception. Sounds were displayed in free or diffuse fields in order to also provide auditory distance
cues. The results of this study show that visual cues had no significant effect on loudness estimates, even though
they significantly affected apparent source distance judgments. The discrepancy between these results and the
generally accepted loudness constancy phenomenon could come from the instructions that were given to the
listeners, which focused on “at-ear” loudness judgments whereas loudness constancy is predominantly obtained
when asking the listeners to make loudness judgments based on the sound source power.
Keywords: Loudness, Distance, Audiovisual interactions

1 INTRODUCTION
In everyday life, humans combine information from their different senses to apprehend the world in which
they live. In auditory research, audiovisual interactions are widely investigated as they underlie many phenom-
ena. Earlier studies assumed that visual information could significantly affect perceived loudness [12, 3, 2] and
auditory localization [5]. Besides, loudness perception is also known to depend on auditory localization [16].
The present study focuses on audiovisual interactions in conditions where a sound source is located at several
distances from a listener. When a sound is emitted, it propagates in the environment and its intensity lowers as
it gets farther from its source. Thus, the apparent loudness of this sound could be expected to decrease with the
distance between the source and the listener. However, a loudness constancy phenomenon tends to demonstrate
that loudness estimates can, in certain conditions, be independent of source distance [10, 21]. This phenomenon
was assumed to rely on auditory cues to the source power (such as the reverberant energy) rather than on the
perceived source distance [21]. Yet, visual cues to distance were also reported to modify loudness estimates
in conditions where auditory cues were fixed [9]. Then, it is unclear to what extent perceived loudness varies
with sound source distance and visual information to the source. Moreover, determining such relations can be
difficult because of the experimental design. Indeed, it can be complicated to easily manipulate a sound source
distance while controlling the visual and auditory information provided to a listener in the real world. Then, the
present experiment was set up in a virtual environment, which allows to control sound source distance, auditory
and visual cues independently. This was carried out in order to observe the effects of visual information on the
perceived loudness and distance of noise bursts displayed at several distances from a listener.

2 MATERIAL AND METHOD
A virtual environment was created in order to allow the experimenters to manipulate source distance, source
level, source visibility and room acoustics independently while providing the participants with a natural listen-
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ing situation. During the experiment, listeners were seated on a chair and wore a HTC Vive virtual reality
head mounted display (HMD) displaying a virtual visual environment. A loudspeaker and a large panel were
displayed in this environment. The listener faced the loudspeaker, which could be fully obstructed by the panel
if the latter was placed between the listener and the loudspeaker. A picture of the virtual environment is given
in Fig. 1.

Figure 1. Representation of the virtual visual environment gathering the loudspeaker, the panel, and traffic
cones. The green square depicts the listener’s position in the virtual environment, whose point of view faced
the loudspeaker. The red path represents the possible positions of the loudspeaker and the blue path those of
the panel. The ground texture is patterned with 1 m2 squares.

2.1 Auditory stimuli
Three room acoustics were studied: one anechoic, one from a large sports hall and one from a small concert
hall. For creating the auditory stimuli used in the two reverberant rooms, sine sweeps were first displayed by
a Genelec 8040A loudspeaker and recorded using a mh acoustics Eigenmike ambisonics microphone in a large
sports hall (RT60 = 2 s) and in a small concert hall (RT60 = 0.5 s). Sweeps were recorded at a unique microphone
position while the loudspeaker was at a distance of 1, 2, 4, 8 and 16 m. Fig. 2 is a drawing of both rooms that
includes a representation of the loudspeaker and microphone positions during the recordings.

15.3 m

a. b.

24 m

44.3 m

15.75 m

14 m

1
8
 m

8 m

1
9

.4
 m

4 m
1.5 m

Figure 2. Drawings (to scale) of the large sports hall (a.) and small concert hall (b.) in which the recordings
were made. Filled circles depict the microphone positions, empty circles depict the loudspeaker positions.

Fourth order ambisonics Room Impulse Responses (RIRs) were computed from these recordings. The final
stimuli were obtained by convolving 200 ms white noise bursts with these RIRs for the two reverberant rooms
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and with anechoic RIRs for the anechoic room.
In order to provide a realistic listening situation while reproducing the sounds over headphones, the yaw, pitch
and roll values of the HMD were used to rotate the ambisonics field according to the movements of the subject’s
head thanks to the ambiX Rotator plugin [7]. Finally, ambisonics signals were converted to binaural sounds
using the IEM BinauralDecoder plugin1.
Virtual sound sources could display noise bursts at three different levels so that at-ear pressure level did not rely
only on the sound source distance. These levels were fixed at 0, −6 and −12 dB with respect to a reference
level. This reference source level was adjusted so that the sound pressure level reached 80 dB SPL at the
subject’s ears when the source was located at 1 m from the listener.
45 stimuli were created this way, corresponding to the 3 source levels located at each of the 5 distances in each
of the 3 rooms.
The sounds were displayed over open circum-aural headphones (Sennheiser HD 650) after the use of headphone
compensation filters as provided by the IEM BinauralDecoder plugin1. The sounds were played in MAXMSP
and were delivered to the headphones by a RME Babyface Pro sound card. Restitution levels were calibrated
using a Brüel & Kjær sound calibrator Type 4231 and a Neumann KU 100 dummy head.

2.2 Visual stimuli
In their 2013 review of studies focusing on egocentric distance perception in virtual environments, Renner et
al. [15] concluded with a list of elements that are likely to improve the quality of distance perception in
virtual environments. They reported that “to facilitate distance perception as well as possible, it is important to
provide binocular disparity, use high quality of graphics, carefully adjust the virtual camera settings, display a rich
virtual environment containing a regularly structured ground texture, and enhance the user’s sensation of presence”.
The visual environment of the present experiment was designed with regard to these recommendations. The
HMD provides the subjects with most pictorial (occlusion, relative size, height in the visual field and aerial
perspective) and non-pictorial (motion parallax, convergence and binocular disparity) visual distance cues. The
3D models were created and rendered in high quality then displayed on the 2160×1200 px screen of the HMD
at 90 frames per second. A structured ground texture was rendered and traffic cones were added to enrich the
virtual environment with constant size objects located at several distances. The head tracking provided by the
HMD, which is known to be a component of immersion and to enhance presence [15], was linked to the head
tracking of the audio stimuli so that the consistency of information across modalities was preserved, which is
also an important factor for the sensation of presence [4].
Three different-sized environments were created, corresponding to the three rooms in which sounds were ren-
dered. For the two reverberant rooms, the virtual environments were rooms that had the exact same dimensions
and shapes as the actual rooms in which the recordings were made (see Fig. 2). For the anechoic room, no
wall was represented and the environment was an infinite regularly-structured ground texture. This was achieved
since the visual impression of the room enclosing the sound source is known to affect externalization [18] and
could therefore also improve the sensation of presence.

2.3 Procedure
The experiment took place in a small, acoustically-isolated audiometric room. Participants sat in a chair which
faced a tablet computer displaying a response interface that they could see in the virtual environment. The
experiment was split in two sessions, each corresponding to one task that was either to estimate the egocentric
source distance or to estimate the apparent loudness of the sounds it displayed.
Each session was then split in three sub-sessions corresponding to each room. In each of these sub-sessions, all
combinations of distance, sound source level and visibility of the loudspeaker were presented to each subject
four times in a random order. This led to a total of 120 estimates (5 distances × 3 source levels × 2 visibility

1Plug-in description and download available at https://plugins.iem.at
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conditions of the loudspeaker × 4 repetitions) per subject in each sub-session. See table 1 for a summary of
factors levels and sessions. Apparent loudness was reported using a free-modulus magnitude estimation protocol
[8] and apparent distance was reported in meters.

Table 1. Summary of the experimental conditions for each subject.

Factor Levels

Task (session) Loudness estimate · Distance estimate
Room (sub-session) Anechoic · Concert hall · Sports hall
Distance 1 m · 2 m · 4 m · 8 m · 16 m
Source level 0 dB · −6 dB · −12 dB
Loudspeaker Visible · Hidden
Repetition 1 · 2 · 3 · 4

After each answer, the panel hid the loudspeaker while the loudspeaker moved to its position for the next trial.
Then, the panel revealed or not the loudspeaker (according to whether the loudspeaker had to be visible or
hidden in the trial to come), the sound was played and the participants could type their answer. If in the
current trial the loudspeaker was hidden, the panel stayed in its position while the loudspeaker moved to its
next position so that the hidden loudspeaker position was not revealed2.
Twenty subjects (5 women and 15 men aged 20 to 25 years) with normal hearing attended the experiment and
were remunerated for their participation. Instructions were given in written form within the virtual environment
and were also read by the experimenter at the beginning of each session (loudness or distance). Participants
carried out the two sessions on two different weeks and performed around ten training estimates at the beginning
of each sub-session which answers were not kept. Half of the subjects began with the distance estimate session
and the other half with the loudness estimate session. Each session lasted approximately one hour.

3 RESULTS
Repeated-measures analyses of variance (ANOVA) were carried out to assess the factors effects and interactions
on loudness and distance estimates. Four factors were included in each of the two analyses: the room (3 levels),
the source distance (5 levels), the source level (3 levels) and the visibility of the source (2 levels). As this paper
focuses on the effect of the visibility of the sound source on the perceived distance and loudness, only effects
and interactions involving this factor will be analyzed and discussed. The results of these ANOVAs are given
Table 2.

3.1 Loudness estimates
Since loudness estimates were gathered using a free-modulus scale, they were first normalized using the same
method as described by Altmann et al. [1]. During this process, estimates were converted to their logarithm
which were normally distributed around the mean estimates. An ANOVA was performed on the normalized
logarithm of the loudness estimates. As indicated by the results given in the right side of Table 2, visibility did
not prove to have any significant effect on loudness estimates as well as no significant interaction with any other
factor. The geometric means of the results are plotted in Fig. 3, which shows in each room (separated plots)
the geometric mean of loudness estimates made when the loudspeaker was either visible (solid lines) or hidden
(dashed lines). Each plot gathers three lines of each type (solid and dashed), corresponding to the three source
levels (which is identified next to each line). This figure clearly shows that apparent loudness estimates were
similar whether the loudspeaker was visible (solid lines) or hidden (dashed lines) in each of the experimental
configurations and that loudness constancy did not occur in any of these configurations.

2Link to a video recording of the experiment: https://youtu.be/V1ifR558VO4
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Table 2. Results of the two ANOVAs. The left-side of the table shows the results of the ANOVA performed on
the logarithm of the distance estimates. The right-side of the table shows the results of the ANOVA performed
on the logarithm of the loudness estimates. None of the interactions involving three or more factors was found
to be significant by one of the ANOVAs. Those interactions were therefore not displayed as a matter of clarity.

Dependent variable Distance estimates Loudness estimates
Source SS DF MS F Sig.p SS DF MS F Sig.p
Room 9.165 1.132* 8.097 14.601 ...000000111 1.783 2 .892 9.879 <<< ...000000111
Distance 163.111 1.136* 143.526 244.122 <<< ...000000111 36.353 1.125* 32.316 186.970 <<< ...000000111
Level 16.564 1.183* 14.002 235.614 <<< ...000000111 24.763 1.042* 23.759 217.213 <<< ...000000111
Visibility .170 1 .170 3.543 .075 .017 1 .017 2.125 .161
Room × Distance .693 2.423* .286 3.948 ...000222000 2.059 2.883* .714 37.202 <<< ...000000111
Room × Level .807 2.070* .390 11.130 <<< ...000000111 .055 2.451* .022 1.492 .233
Distance × Level 1.799 2.562* .702 21.464 <<< ...000000111 .269 4.077* .066 5.960 <<< ...000000111
Room × Visibility .294 1.374* .214 7.659 ...000000666 .004 2 .002 .528 .594
Distance × Visibility 1.531 1.610* .951 13.736 <<< ...000000111 .014 2.363* .006 .712 .518
Level × Visibility 1.476 1.075* 1.373 14.996 ...000000111 .009 2 .004 1.230 .304
* A Greenhouse-Geisser correction was applied to the degree of freedom due to a sphericity assumption violation.

1 2 4 8 16

10
1

Visible source

Hidden source

1 2 4 8 16 1 2 4 8 16

0 dB

-12 dB

-6 dB

0 dB

-6 dB

-12 dB

0 dB

-12 dB

-6 dB

L
o
u
d
n
e
s
s
 e

s
ti

m
a
te

Figure 3. Geometric means of loudness estimates, with 95% confidence intervals. Means and limits of the con-
fidence intervals were computed on the logarithm of the estimates and converted back to the original estimates.

3.2 Distance estimates
As distance estimates are approximately normally distributed along a logarithmic scale [20], each individual
distance estimate was converted to its logarithm prior to the analysis. The arithmetic mean of the four repetitions
of each trial was then computed for each participant and each trial. A repeated-measures analysis of variance
was conducted on these converted results. Results of this ANOVA are given in the left side of Table 2.
Visibility did not prove to have a significant simple effect on distance estimates, similarly to loudness, but
significantly interacted with the three other factors (level, distance and room), contrarily to loudness.
The significant “Level × Visibility” interaction shows that sound source level did not have the same effect on
distance estimates whether the loudspeaker was hidden or visible. A Bonferroni post hoc test revealed significant
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differences across source visibility conditions at the source levels −12 dB (p = .046) and 0 dB (p = .002). As
a result (see Fig. 4 a.), the distance estimate as a function of source level has a smoother slope when the
loudspeaker was visible (solid line) compared to when the loudspeaker was hidden (dashed line).
The significant “Distance × Visibility” interaction indicated that the distance estimates depended on the distance
itself and on the visibility of the loudspeaker. Bonferroni post hoc tests revealed a significant difference between
the two distances reported with or without visible loudspeaker when the latter was located at 1 m (p = .015),
8 m (p = .025) and 16 m (p = .001). For the closest distance (1 m), the estimated distance was closer when the
source was visible than when it was hidden whereas the contrary was observed at the two farthest distances.
This is shown in Fig. 4 b., where the averaged distance estimates made when the loudspeaker was either visible
(solid line) or hidden (dashed line) are represented together with the actual distance of the loudspeaker.
The significant “Room × Visibility” interaction indicated that the distance estimates depended on the room and
on the visibility of the loudspeaker. Bonferroni post hoc tests revealed a significant difference between the two
distances reported with or without visible loudspeaker in the anechoic room (p = .042) only, as it can be seen
in Fig. 4 c., which represents the averaged distance estimates in each of the three rooms when the loudspeaker
was either visible (solid line) or hidden (dashed line).

D
is

ta
n
ce

 e
st

im
at

e 
(m

)

-12 -6 0

3

4

5

6

Visible Source

Hidden Source

1 2 4 8 16
1

2

4

8

Visible Source

Hidden Source

Actual distance

Anechoic Concert hall Sports hall

3

4

5
Visible Source

Hidden Source

a. b. c.source level (dB)

Figure 4. Geometric means of distance estimates as a function of Level (a.), Distance (b.) and Room (c.) for
the two visibility conditions with 95% confidence intervals, computed in the same way as in Fig. 3.

4 DISCUSSION
The results of this study state that the loudness estimates were the same whether the loudspeaker was visible
or hidden, even though this was not the case for distance estimates.
According to the statistical analysis of the distance estimates, the “Level × Visibility” interaction was signifi-
cant, and distance estimates were found to be less dependent on the source level (and then on the at-ear SPL)
when the source was visible than when it was hidden. This occurred not only in the anechoic room (where
visual cues were the only absolute distance cues available) but also in the two reverberant rooms, which sup-
ports the prevalence of visual cues over auditory cues in distance estimates. Then, one could wonder if the
sound source level still had an effect on distance estimates when the source was visible. A Bonferroni post hoc
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test revealed that this was still the case, as distance estimates were significantly different between source levels
(0 dB vs. −6 dB (p < .001), −6 dB vs. −12 dB (p < .001)) even when the source was visible.
The significant “Distance × Visibility” interaction revealed that seeing the loudspeaker led to closer distance
estimates when the loudspeaker was close to the participants and to farther estimates when the loudspeaker was
distant. Since distance estimates are often overestimated for close sources and underestimated for remote sources
in auditory and not in visual depth perception [6], this interaction proves an improvement of distance estimates
when visual cues were available, as it can be seen in Fig. 4 b. where the averaged distance estimates made
when the loudspeaker was visible (solid line) are closer to the actual distances (dotted line) than the averaged
distance estimates made when the loudspeaker was hidden (dashed line).
The significant “Room × Visibility” interaction and its post hoc test indicated that the distance perception
depended on the visual cues only if they were the only available distance cues. In the reverberant rooms, the
diffuse field and visual cues appeared to provide the participants with similar information about distance.
Despite the effective modification of perceived distance achieved by providing the participants with visual cues
to the sound source distance, no significant effect of the visibility of the loudspeaker was found on the loudness
estimates in any experimental condition. These findings are in accordance with previous studies that found no
loudness constancy with the distance of non-familiar sound sources when asking the participants to base their
judgment on the loudness “at the ear” [17, 13, 1], as opposite to judgments based on the loudness “at the
source”, which are more likely to show loudness constancy [10, 21]. However, loudness constancy had been
observed when asking participants to report apparent loudness estimates for speech [14, 19]. This might be due
to the particularities of speech, which contains intrinsic information about its source power (a whisper is known
to be less powerful than a shout), and which involves a specific perception [11]. Then, one could wonder if
apparent loudness perception relies on the source power perception. In the current study, direct information
about the source power was available in the reverberant rooms through the reverberant energy, which was not
the case in the anechoic room. However, the “Room × Level” interaction did not have a significant effect
on loudness estimates. This means that apparent loudness was the same whether information about the sound
source power was available or not.

5 CONCLUSIONS
The results of the present experiment show no interaction between visual information and “at the ear” loudness
estimates for white noise bursts displayed by a loudspeaker in anechoic or reverberant virtual environments, even
though distance estimates depended significantly on visual information. These findings support the hypothesis
that, contrarily to speech, information about the source level has no effect on “at the ear” loudness estimates for
noise. Further experiments will be carried out following this hypothesis, which will investigate “at the source”
loudness estimates for noise and both loudness estimates for speech in the environments of the present study.
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Auditory perception of distance to rattlesnakes in an audio-visual virtual
environment

Michael SCHUTTE(1),(2), Michael FORSTHOFER(1), Boris CHAGNAUD(3), Lutz WIEGREBE(1),(2)

(1)Division of Neurobiology, Department Biology II, Ludwig-Maximilians-Universität München, Germany
(2)Graduate School of Systemic Neurosciences, Ludwig-Maximilians-Universität München, Germany

(3)Section Zoology, Institute of Biology, Karl-Franzens-Universität Graz, Austria

Abstract
Rattlesnakes shake their rattles to drive away animals which they perceive as threatening. Current research has
shown that they change the rate at which they rattle according to the distance of an approaching object: the
closer the object, the more rattling sounds per second they produce. In an audio-visual VR experiment, we test
the hypothesis that this behaviour makes human listeners underestimate their distance to a snake. Humans are
passively moved towards an invisible snake in a visual virtual environment (a long-grassed meadow), starting at
a distance between 8 m and 1.4 m. Rattling sounds are synthesised and rendered via a vertical loudspeaker array
that faithfully transmits loudness and elevation cues. Humans are instructed to stop their movement when they
estimate the snake to be exactly 1 m away. We observe that humans stop at significantly larger distances when we
simulate a rattling behaviour true to biology, i.e., including the distance-dependent change in rattling frequency,
compared to a virtual snake that rattled at a constant rate. Our data show that the distance-dependent rattling
mediates systematically erroneous but useful distance information and is suitable to make human listeners think
that they are closer to the snake than they really are.
Keywords: auditory distance perception, virtual reality
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Reaction times in multisensory localization tasks 

Yi ZHOU1; Colton CLAYTON2 
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2 Arizona State University, USA 

ABSTRACT 
The encoding of space between the visual and auditory systems does not always align. For foveal species like 
humans and monkeys, the visual field is restricted to frontal space, whereas the auditory field is panoramic, 
covering the entire surrounding space. Sensitivity to sounds coming from the rear brought by spatial hearing 
is critical for avoiding unseen dangers. Our recent study shows that, in humans, vision’s influence on auditory 
perception can extend to unseen rear space (Montagne and Zhou, 2018). The present study further investigates 
the effects of visual stimulation on reaction times when listeners localize an auditory target presented from the 
front or rear. Experiments are designed to survey two types of reaction times simultaneously: (1) choice reaction 
time for pushing a button to indicate the perceived front or back location of a sound; (2) saccade reaction time 
by listeners shifting their gaze to indicate the lateral direction of a perceived sound source. Our results show 
domain-specific effects of visual capture on both types of reaction times, and support our previous findings that 
audio-visual interactions are not limited by the spatial rule of proximity.  
 
Keywords: Multisensory, Reaction Time, Sound Source Localization 

1. INTRODUCTION 
Sensory experience builds upon a multisensory analysis of many cues that all describe properties of 

the same objects in an environment (1). This multisensory strategy helps build an internal map of the 
physical environment to enhance perceptual analysis (e.g., who is talking, where is (s)he?) and guide 
actions (e.g., escape or attack). Sound source localization is an excellent example of this strategy. In 
everyday interactions with the environment, our initial reaction to the sudden onset of an unexpected 
sound (e.g., a quickly-passing vehicle) is to estimate its source location to calibrate a reaction better. The 
speed and accuracy of this reaction depend on the coordination of auditory and visual spatial functions. 
Vision’s effects on auditory localization are manifested in both the spatial and temporal response 
domains. When sound and light are presented simultaneously, but from different locations, (1) the 
direction of a light biases the perceived location of a sound source (2-7), i.e., the “Ventriloquist Effect”, 
and (2) a flash of light delays auditory localization to a greater extent than sound delays visual 
localization (8, 9). In a simple detection task, visual percepts can overwhelm audition to such an extent 
that some subjects do not even notice the presence of a sound, i.e., the “Colavita Effect” (10).  

While it is commonly accepted that multisensory integration becomes stronger when sensory inputs 
are spatially and temporally closer to each other, the space encoded by these two modalities does not 
always align. For foveal species like humans and monkeys, the visual field is restricted to the frontal 
space, whereas the panoramic auditory field covers the entire frontal and rear space. The rear sensitivity 
provided by spatial hearing is critical for avoiding unseen danger coming from behind. Rear space, 
however, has been largely overlooked in multisensory research. Our recent study shows that in humans, 
vision’s influence on auditory perception can extend to unseen rear space and interacts closely with 
auditory front-back confusions (FBCs) in auditory localization (11). The FBC errors are responses to 
the approximately correct angular displacement (relative to the midline) but in the wrong front-back 
hemifield (12, 13). While interaural time and level differences (ITDs and ILDs) offer the primary 
information about the horizontal angle of a sound source (14), front-back errors are rooted in the fact 
that these binaural difference cues do not, on their own, correspond with only one sound source location, 
but a host of them along the “cones of confusion” (15). We found that frontal visual cues can reduce 
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FBC errors for frontal auditory targets and increase FBC errors for rear auditory targets due to visual 
capture to the frontal field (11). What remains unknown, however, is whether vision also affects 
reaction time (RT) in panoramic auditory localization. This study addresses this question. The test 
involves a dual-response task, where a listener was asked to localize the lateral, left-right direction of 
a free-field sound using eye movement and immediately after, decide the front-back direction of the 
sound by pressing one of two buttons arranged vertically on a game console. The results show that change 
in RT is correlated with the perceived modality of stimuli. For listeners following the sound direction, 
a visual LED stimulus delayed their RT, whereas for listeners following the light direction, light speeded 
up their RT, relative to auditory-only responses. The changes in RT were more significant for rear 
sounds.  

2. METHODS 

2.1 Listeners 
Eight participants completed all sessions (3 male, age range from 19-34 years old, median 21.5 

yrs). All were reported right hand dominant. All participants had normal hearing sensitivity as 
verified by standard audiometric techniques under insert earphones and reported normal or 
corrected-to-normal vision. Participants provided written, informed consent, and received financial 
compensation for their participation. The experiment was conducted in accordance with procedures 
approved by the Arizona State University’s Institutional Review Board.  

2.2 Apparatus and Stimuli 
The free-field sound localization task was conducted in a double-walled, sound-attenuated 

chamber (Acoustic Systems RE-243, 2.1 m x 2.1 m x 1.9 m) lined with 3” acoustic foam. The 
participant was seated in the center of the sound chamber with his/her head stabilized using a 
high-precision head positioner (HeadLockTM, Arrington research). Sound stimuli were presented 
from four loudspeakers (full-range monitor, Adams F5, positioned at +/− 35o and +/− 145o at a 
distance of 1.1 m) hidden behind a black, acoustically transparent curtain. Light stimuli were 
delivered via a high-resolution LED bar attached to the acoustic curtain spanning +60o to −60o. For 
this experiment, only three active LED locations were used for testing (0o, +/− 8o). All sound and 
light stimuli originated from 0o elevation relative to eye level. 

Custom-designed software written in MATLAB generated and controlled the auditory stimuli and 
recorded participant responses. Auditory stimuli were broadband noise bursts gated on and off with a 
15-ms rectangular window. Identical signals were presented from the two front or two rear 
loudspeakers. The perceived sound source location was manipulated by changing the level difference 
(panning stereophony) between either the front-left (LF) and front-right (RF) or between the back-left 
(BL) and back-right (BR) loudspeaker signals. Level differences of −5, 0, and 5 dB were used, with 
negative intensity ratios indicating that the left speaker signal was more intense than the right. This 
panning-based stereophonic technique generated a phantom sound source at ~ +/− 10 degrees and 0 
degrees from both front and back. The average intensity for all auditory stimuli was maintained at 65 
dBA, as verified using a sound level meter (Brüel & Kjær 2250-L) positioned at the location of a 
listener’s head. 

Custom-designed software written in Arduino controlled the visual stimuli. Visual stimuli were 
15-ms duration blue LED light flashes (13.5 cd/m2, measured at the LED surface) generated from 
one of three lighting positions. The onset of the light stimulus was synchronized with the onset of the 
sound stimulus at the leading loudspeaker as verified by oscilloscope measures.  

2.3 Procedure 
Two experimental conditions (auditory localization and visual localization) were conducted over 

five visits over five separate days. On days one and two, participants completed two auditory 
conditions followed by one visual condition. On days three through five, participants completed 
three auditory conditions followed by one visual condition. Each auditory and visual condition lasted 
approximately ten minutes and two minutes, respectively. Participants were given a three- to 
five-minute break period between conditions. Before beginning the experiment each day, participant 
eye tracking was calibrated using 13 known LED locations (from -12o to +12o at 2o increments). This 
report focuses on the effects of vision on auditory localization; results for visual localization are not 
reported. 
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Before the experiment, to help participants understand the nature of the experiment and the 
response tasks expected, a training block for auditory localization was presented. Participants were 
presented with a sound from one of six locations (three in front and three in back) and were 
instructed to respond by 1) directing their gaze to the lateral direction of a sound and 2) pressing a 
button to indicate front or rear origin of the sound source. Participants were provided with alert 
feedback, following each erroneous front-back judgment, to aid in the proper performance of the 
front/back decision-making portion of the task. The training block continued until participants 
achieved >75% accuracy and felt ready to start an experiment. 

 
Figure 1 – Experimental procedure and reaction time analysis. (A) Stimulus-response sequences for each 

trial in the auditory localization task. (B) Example saccade and choice responses in response to 

auditory-only stimuli. Left, saccade angles to left-front and left-back sounds. Right, saccade velocity to 

these two stimuli. Light gray indicates the start time of center fixation light, the stimulus onset is marked as 

time zero.   

2.4 Auditory Localization Task 
Sound stimuli with or without lights were presented in randomized blocks, denoted as 

audio-visual (AV) and auditory-only (AO) blocks, respectively. The AO block contained six stimuli 
total (three in front and three in back). For the AV block, each of the six auditory stimuli was paired 
with one of the three LEDs, resulting in a total of 18 stimuli. The order of blocks and stimuli was 
randomized. Five repeats were administered for each stimulus, resulting in a total of 120 trials. For 
all trials, participants were instructed to indicate only the direction of the sound they heard, not the 
light they saw. 

Figure 1A shows the stimulus and response sequences within a trial. To initiate a trial, a 
participant moved her/his gaze towards a red LED cue presented straight ahead at 0o. The participant 
then pressed a button to indicate fixation and initiate stimulus presentation. While the participant 
maintained center fixation, the fixation light turned off. After ~1 second, a sound stimulus (AO 
block) or a pair of sound and light stimuli (AV block) were presented. The participant indicated the 
perceived location of the sound stimulus in two sequential steps: 1) rapidly directing his/her gaze 
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toward the perceived direction of the sound source on the azimuth plane (saccade response) and 2) 
after the gaze shift, indicating the perceived front/back location of the sound by pressing a front/back 
button (choice response). Eye movements were recorded using an eye tracking system (90-Hz 
sampling rate, Arrington Research) and button presses were recorded using a modified gaming 
console, two buttons for front and back choices were arranged vertically on the game console. 
Participants were not provided any feedback or knowledge of their results during or after the 
experiments. They were unaware of the total number of loudspeakers and spatial location of each 
speaker. 

2.5 Data Analysis 
Figure 1B shows typical saccade and choice responses. Rapid saccade movements can be seen 

upon hearing a sound. The saccade endpoints (with a duration of ~15 ms) before a participant made a 
front/back choice response (green dot shows the choice RT) were averaged and used as the perceived 
lateral position of the sound source. The saccade velocity of eye movement after sound onset was 
then calculated. The time for achieving the peak velocity (red dot) was used as the saccade RT. Since 
the responses to lateral and front-back dimensions were made sequentially, the data analysis 
extracted the delayed choice RT (i.e., the difference between choice RT and saccade RT) to analyze 
the separate effects, if any, of vision on front-back decisions. The FBC errors were calculated by the 
percent of incorrect button-pressing choices a participant made when a sound was from the front but 
responses were to the back or vice-versa.     

 

 

Figure 2 – Auditory localization responses. (A) Saccade-based lateral judgment of sound direction with and 

without light. Left and right responses are associated with the panned directions of left and right sound 

sources, respectively. (B) Averaged FBC error rate of all participants in AO and AV conditions. (C) 

Saccade RT and (D) Delayed choice RT for all participants in the AO condition. Red symbols (Participant 

ID) indicate significant differences between RT to front and rear sound (two-tailed t-test, p<0.05).       

3. RESULTS 

3.1 Response Accuracy  
Results show that saccade eye movement can reliably indicate the perceived lateral direction of a 

sound source in both frontal and rear space. Even with the presence of light stimuli, the performances 
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of five participants revealed little change in their saccade-based lateral judgment of the sound source 
direction. Figure 2A (left panel) shows one of these participants. On the other hand, two participants 
showed complete visual capture by light (Fig. 2A, right panel); their responses in the AV condition 
followed the light direction, dramatically shifted from their responses in the AO condition. This 
occurred despite repeated instructions to localize the sound and not the light. The remaining 
participant showed incomplete visual capture (not shown).  

Individual variability is also observed in front-back judgments. Figure 2B shows the FBC rate for 
each of four stimulation types (sounds in front/back with or without light, 2×2 = 4) for all 
participants. The five participants showing limited visual influences on lateral judgments also 
reported limited errors for FBCs in both AO and AV conditions. Their data is shown in the left five 
columns. By contrast, the three participants showing strong visual capture for lateral judgments 
reported elevated incidences of FBC errors. In particular, light stimulation caused strong 
back-to-front response reversals for rear auditory targets, resulting in large FBC error rates (pink).       

3.2 Reaction Time 
All but one participant showed longer choice RT to sound stimuli presented from the rear than 

from the front. However, since front-back button pressing responses were made after saccades, this 
delay could have occurred during the saccade. Thus, we analyzed separately the saccade RT (Fig. 
2C) and the delayed choice RT (Fig. 2D); see Fig. 1A for Methods. The results reveal that four 
participants showed longer saccade RT to rear sounds (red in Fig. 2C), but no difference in their 
delayed choice RT between front and back sounds (black in Fig. 2D).  

On the other hand, three participants showed longer delayed choice RT to rear sounds (red in Fig. 
2D), but no difference in their saccade RT to front and rear sounds (black in Fig. 2C). For the 
participant who reacted faster to rear sound (L19), it is the saccade RT, not delayed choice RT, that 
showed a significant difference between front and rear. These results suggest that the participants we 
tested made their front/back decision either before or after their saccade responses. For the former 
group, they likely needed to realize the actual position of a sound source before making a saccade to 
its lateral direction, whereas for the latter group, the left-right and front-back decisions were likely 
made sequentially, in part, due to experimental instruction. This difference might reflect a 
location-based vs. hemifield-based localization strategy among participants. 

 

 
Figure 3 – Hypothesis for changes in RT with A-V congruent and incongruent stimulus conditions. 

 
The existing literature shows that when sound and light stimuli are both in the frontal field, AV 

incongruent stimuli (on different sides) have longer RTs than AV congruent stimuli (on the same 
side) for auditory localization tasks (8, 9). However, little is known about the spatial extent of visual 
influence, or more likely, the extent of visual spatial attention, when a sound may come from either 
frontal or rear space. We hypothesize that three scenarios may be possible for panoramic auditory 
localization, as shown in Figure 3. (1) Visual-spatial attention is focal: any AV incongruity between 
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left-right and/or front-back dimensions delays auditory response. (2) Visual-spatial attention is lateral: 
AV incongruity in the left-right dimension delays auditory response, independent of perceived 
front-back directions.  (3) Visual spatial attention is frontal: AV incongruity in the front-back 
dimension delays auditory response, independent of perceived left-right direction.   

The results show that although visual stimulation did not affect left-right auditory localization 
accuracy in some participants (N=4), their saccade RT to rear sound sources in AV response were 
significantly longer than those in AO responses (one-tailed t-test, p<0.05) and visually induced 
saccade delay was more apparent for left-right incongruent than congruent AV stimuli (Scenario 2). 
Figure 4A and 4B show the changes in RT between AV and AO conditions of two participants. 
Interestingly, delayed choice RT either showed no change or did not reveal this asymmetry. These 
results suggest that, when visual stimuli do not affect auditory localization responses (in terms of 
accuracy), visual spatial attention is lateral and acts fast for a brief period time before the saccade.  

On the other hand, for participants (N=3) that experienced a great extent of visual capture of 
response accuracy, the change in their RT follows the pattern for the frontal visual spatial attention 
(Scenario 3) but in the opposite direction. That is, adding visual stimulation sped up their responses 
for rear stimuli. Figure 4C and 4D show the changes in RT between AV and AO conditions of two 
participants. The asymmetry between congruent and incongruent conditions also applied; 
incongruent front-back AV stimuli resulted in a significant change in RT. Interestingly, this 
asymmetrical change is reflected in either saccade RT (L18) or delayed choice RT (L21); one-tailed 
t-test, p<0.05. This suggests that when operating in the capturing mode, visual spatial attention is 
frontal and acts for a longer period time extending beyond lateral judgment through a saccade.               
 

 

Figure 4 – Changes in saccade RT and delayed choice RT between AV and AO conditions for four 

participants. Black circle, sound is in front and on the same side of light; red circle, sound is in back and on 

the same side of light; Black diamond, sound is in front and from the opposite side of light; red diamond, 

sound is in back and from the opposite side of light. See Figure 3 for illustration of symbols.      

4. CONCLUSIONS 
The results of this study show that observed visual effects do not adhere to the spatial rule of 

multisensory interaction with regard to the physical proximity of cues. First, the influence of visual 
cues interacted closely with front-back confusions in auditory localization (Fig. 2B). Second, visual 
dominance in reaction time could extend to spatially incongruent auditory stimuli from the rear field, 
even in the absence of changes in response accuracy, e.g., L23 in Fig. 2A and Fig. 4A. When visual 
influences were weak and brief, the visual spatial attention channel appeared to operate in the lateral 
domain, delaying the auditory response from the other side. When visual influences were strong and 
sustained, the visual spatial attention channel appeared to operate in the front domain, attracting 
auditory responses from the back. These two different operating modes suggest a domain-specific 
difference in visual spatial attention between auditory and visual localization.       
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Relatively Speaking: Spatial Discrimination Tasks As Tools 

for Studying Multisensory Integration 

Ross K MADDOX1 

1 University of Rochester, USA 

ABSTRACT 

Both the visual and auditory systems provide spatial information. Because many objects can be both seen and 

heard, the brain combines information from each sensory modality to form a single estimate of an object's 

location. When there is conflict between the cues from a single object, those cues are weighed by their 

reliability, which usually results in a visually-driven bias of auditory localization, namely the “ventriloquist 

effect” (1,2). Numerous studies of crossmodal integration have described the phenomenon behaviorally, 

modeled it (3,4), and explored its neural underpinnings (5). The overwhelming majority of these studies have 

used absolute localization tasks, for which localization bias is the principal outcome, rather than 

discrimination tasks (i.e., relative localization), which measure spatial acuity. Studies from our lab suggest 

this represents a missed opportunity. We have used spatial discrimination to show effects of eye gaze on 

auditory spatial coding unrevealed by absolute localization tasks (6). This study showed that while auditory 

localization biases induced by short-term gaze shifts are small and highly dependent on the specific 

localization task, the same gaze shifts lead to substantial changes in listeners’ ability to discriminate the 

azimuths of two nearby auditory stimuli. We have also used discrimination in tasks where auditory and visual 

stimuli are collocated, so no localization bias is expected (7). This study goes beyond the typical paradigm of 

a single pair of audio-visual stimuli with conflicting locations. Instead, it employs a much more naturalistic 

paradigm that involves more than one stimulus pair, with congruent locations between auditory and visual 

stimuli. This paradigm makes bias unusable as an outcome (since no bias is expected for congruent locations) 

but uses spatial discrimination thresholds to learn about audio-visual integration when there is no location 

conflict. Finally, preliminary studies in our lab have used spatial discrimination tasks to study auditory spatial 

processing in people with hemianopia (one-sided blindness due to a visual cortical lesion), where studies of 

auditory localization have suggested normal processing. In summary, using relative localization tasks in 

studies of audio-visual integration can reveal complementary information to tasks that rely on absolute 

localization (and thus cue conflicts), potentially even revealing substantial effects where absolute localization 

may not. 

 

Keywords: Audio-visual integration, psychophysics 
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ABSTRACT 
In human observers, exposure to audiovisual stimuli with a consistent spatial disparity results in an 
adjustment of auditory spatial representations that corrects for the mismatch between auditory and visual 
input (known as the ventriloquism aftereffect). Our recent findings suggest that such adjustments occur in 
parallel at multiple time scales. However, it is not clear if recalibration of auditory space, once emerged, 
remains stable until new audiovisual evidence is encountered, or would decay over time. Here we 
reanalyzed data from a previous study to answer this question. In this study, human participants localized 
sounds in complete darkness, immediately before and after they were exposed to 200 audiovisual stimuli in 
which the visual stimulus was consistently displaced to the right of the sound source. A trial-by-trial 
analysis of the localization responses in the auditory localization posttest suggested that the size of the 
ventriloquism aftereffect was strongest at the beginning and decreased over the course of the 96 unimodal 
localization trials. Thus, cross-modal recalibration decayed although participants did not experience any 
new audiovisual evidence. Despite this rapid decay, a stable carryover effect on sound localization was 
observed on the next day, suggesting distinct underlying mechanisms for immediate and sustained 
cross-modal recalibration effects. 
 
Keywords: Multisensory, Spatial hearing, Ventriloquism aftereffect 

1. INTRODUCTION 
Visual spatial information is directly encoded in the retinal image, whereas the auditory system 

has to infer the location of an auditory object from binaural and monaural cues that are generated by 
the interaction of the sound waves with the head and external ears (1). Visual spatial processing is 
usually more precise and dominates auditory spatial processing. For example, when an auditory and a 
visual stimulus are presented synchronously but at discrepant spatial locations, the perceived 
location of the sound source is usually shifted toward the visual location, a phenomenon commonly 
referred to as the ventriloquism effect (2,3). In addition to multisensory spatial integration evident in 
the ventriloquism effect, the brain uses visual information to constantly recalibrate unisensory 
auditory spatial representations. This can be demonstrated by briefly exposing human observers to 
audiovisual stimuli with a consistent spatial discrepancy. In what has become widely known as the 
ventriloquism aftereffect, the localization of subsequently presented unimodal auditory test stimuli 
was found to be shifted to correct for the previously encountered cross-modal spatial mismatch (4,5). 
The behavioral ventriloquism aftereffect has been associated with adjustments in auditory cortical 
processing (6,7). However, it is currently unclear how stable such rapid adjustments are after 
cessation of audiovisual stimulation. 

Cross-modal recalibration affects unimodal sound localization even after a single audiovisual 
exposure stimulus (8), although the size of the ventriloquism aftereffect increases if several 
audiovisual exposure trials with a consistent spatial disparity precede the auditory test trials (9-12). 
In fact, cumulative recalibration seems to depend on different underlying mechanisms than 
immediate trial-by-trial recalibration. When two tones of different frequencies were paired with 
opposite directions of audiovisual spatial mismatch (leftward vs. rightward), a corresponding 
frequency-specific cumulative aftereffect was obtained, although, on a trial-by-trial level, sound 
localization was additionally modulated by the direction of audiovisual disparity in the directly 
preceding audiovisual trial, indicating a sound frequency-invariant immediate aftereffect (13). Thus, 
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cumulative evidence for a new cross-modal spatial association seems to result in adjustments of 
spatial representations in lower-level, tonotopically organized auditory regions which are 
presumably more stable than immediate adjustments mediated by higher-level, sound 
frequency-invariant brain regions (6,7,14). 

In a recent study, we directly tested the longevity of the cumulative ventriloquism aftereffect after 
cessation of audiovisual discrepancy training (15). In this study, participants were exposed to 
spatially discrepant audiovisual stimuli on three consecutive days. On each day, their unimodal 
sound localization was tested before and after the audiovisual exposure phase. The audiovisual 
spatial discrepancy was either constant (always 13.5°) or varied from day to day (i.e., incrementally 
increased from 4.5° to 13.5°). We found that repeated exposure to audiovisual stimuli with a constant 
spatial disparity enhanced the ventriloquism aftereffect over the course of the three days, whereas no 
enhancement was seen after training with varying audiovisual discrepancies. Importantly, aftereffects 
in the constant group were still present at the beginning of the second and third session (i.e., 24 hours 
after cessation of the previous audiovisual exposure phase) and accumulated with additional 
audiovisual discrepancy training. Thus, despite exposure to congruent audiovisual input in the 
natural environment, the ventriloquism aftereffect was retained and consolidated between sessions. 
This finding is seemingly at odds with earlier studies which reported a rapid decline of the 
ventriloquism aftereffect when a short delay was introduced between audiovisual exposure and 
unimodal auditory test trials (11,12). 

Here we reanalyzed the data from our previous study (15) to test the possibility that cross-modal 
recalibration involved two separate processes operating at distinct time scales, a strong but rapidly 
decaying within-session aftereffect and a weaker but more stable between-session aftereffect (12). To 
this end, we quantified the change in the size of the ventriloquism aftereffect over the course of the 
96 localization trials in each unimodal auditory localization test. This allowed us to assess whether 
the aftereffect remained stable immediately after the end of each audiovisual exposure phase, or 
whether it started to decay despite the carryover effect on sound localization that was observed on 
the next day. 

2. METHOD 

2.1 Participants 
The datasets of 42 healthy adult volunteers (29 women and 13 men; mean age: 24.4 years; age 

range: 19-46 years) from our previous study (15), publicly available in the APA repository hosted by 
the Center for Open Science (16), were reanalyzed for the present study. The original study featured 
two experimental conditions, one in which participants were exposed to a constant audiovisual 
spatial discrepancy of 13.5° on all three days of the experiment (constant group), and one in which 
the presented degree of audiovisual spatial disparity increased over the course of the three days 
(incremental group). Only the data from participants who had received constant training (n = 42) 
were considered for the present analysis because a between-session aftereffect was only obtained 
with constant training but not with incremental training (15). Experimental testing had been 
approved by the ethics commission of the German Psychological Society (DGPs) and was performed 
in accordance with the ethical standards laid down in the Declaration of Helsinki. 

2.2 Experimental Procedure 
The experimental procedure has been described in detail elsewhere (15). In brief, participants 

completed three experimental sessions on consecutive days. Experimental sessions were conducted 
in a dark sound-attenuated room. Each session consisted of three unimodal auditory localization test 
blocks and two audiovisual exposure blocks (see Figure 1). Unimodal sound localization 
performance was measured at the beginning of each session (Pre), immediately after the first 
audiovisual exposure block (Post1), and again immediately after the second audiovisual exposure 
block (Post2). 

Auditory stimuli were 750-Hz tones with a duration of 200 ms (including 5-ms linear rise/fall 
envelopes), which were presented from eight different loudspeaker locations (spanning ±31.5° in 
steps of 9°) at 65 dB(A). The loudspeakers were mounted on a semicircular frame at a distance of 90 
cm and were hidden from view by an acoustically transparent curtain. In the auditory localization test 
blocks, each location was presented 12 times in a randomized order, resulting in 96 trials per test 
block. In each trial, participants indicated the perceived location of the sound source with a rotatable 
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hand pointer which was mounted in front of them. They had to align the hand pointer within ±10° 
before each trial to ensure a constant starting position for the pointing movements. 

 

 

Figure 1 – Schematic illustration of the study design 
 
Audiovisual exposure blocks consisted of 200 trials each (25 trials per loudspeaker location), in 

which the sound was presented together with a synchronous visual stimulus (red laser dot) that was 
displaced by 13.5° to the right of the sound source. Audiovisual stimuli were presented at a rate of 
one stimulus per second. In 4% of the trials, either the visual or the auditory stimulus was interrupted 
for 150 ms. Participants had to detect these rare deviant stimuli, but did not engage in an active 
localization task during audiovisual exposure. 

2.3 Data Analysis 
As in our previous study (15), two separate analyses were performed to assess within-session 

recalibration effects (measured at Post1 and Post2) and between-session recalibration effects 
(measured at Pre on Day 2 and 3). Within-session recalibration effects, reflecting the effect of the 
directly preceding audiovisual exposure block, were calculated by subtracting mean localization 
responses at Pre from single-trial Post1 responses and mean Post1 responses from single-trial Post2 
responses in each session. Single-trial shifts in sound localization relative to the preceding test block 
were then averaged separately for three bins of trials (Trials 1-32, 33-64, and 65-96) to assess a 
potential decay of recalibration during auditory test blocks (i.e., after cessation of audiovisual 
stimulation). The resulting values were submitted to a three-way repeated measures analysis of 
variance (ANOVA) with factors of Bin (1-32, 33-64, 65-96), Block (Post1, Post2), and Day (1, 2, 3). 
Similarly, between-session recalibration effects were calculated by subtracting mean localization 
responses at baseline (Pre) on Day 1 from single-trial responses at Pre on Day 2 and at Pre on Day 3 
and averaging the resulting values separately for each bin of trials. Between-session shifts in sound 
localization were submitted to a two-way repeated measures ANOVA with factors of Bin (1-32, 
33-64, 65-96) and Day (2, 3). 

Binning of trials was done to increase the signal-to-noise ratio of individual data for inferential 
statistics. In addition, we inspected the trial-by-trial trend of within-session and between-session 
recalibration effects at a group level. For this purpose, shifts in sound localization at each of the 96 
trial positions were averaged across days and participants, separately for Pre (Days 2-3), Post1 (Days 
1-3), and Post2 (Days 1-3). Simple linear correlation analyses were performed to assess whether 
there was a linear relationship of localization shifts (i.e., recalibration effects) with time (i.e., trial 
number) at the group level. 

3. RESULTS 
Sound localization responses relative to Pre on Day 1 are shown in Figure 2, separately for each 

localization test and bin of trials. Within each session, there was a clear shift in sound localization 
after the first audiovisual exposure block at Post1 compared to Pre which was particularly 
pronounced on Day 1. Sound localization shifts further increased, but to a lesser extent, after the 
second audiovisual exposure block at Post2. Accordingly, a repeated measures ANOVA on the 
within-session recalibration effects revealed a significant main effect of Block, F(1, 41) = 24.62, p 
< .001, as well as a significant interaction between Block and Day, F(2, 82) = 3.70, p = .029. In 
addition, a significant main effect of Bin was obtained, F(2, 82) = 6.03, p = .004. Crucially, there was 
no interaction between Bin and any of the other factors (all ps ≥ .230). The main effect of Bin 
indicates that across the three days and the two posttest blocks, within-session aftereffects 
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significantly decreased from the first bin of trials (M = 2.3°, 95% CI [1.7, 2.9]) over the second bin 
(M = 1.8°, 95% CI [1.3, 2.4]) to the third bin (M = 1.4°, 95% CI [0.9, 1.9]). 

 

 

Figure 2 – Mean shifts in sound localization (with SEMs) relative to Pre on Day 1 
 
In addition to the within-session sound localization shifts observed immediately after audiovisual 

exposure (Post1 and Post2), there was a clear between-session recalibration effect. Compared to Pre 
on Day 1, sound localization was shifted both at Pre on Day 2 and at Pre on Day 3, despite the 
24-hour interval since the last audiovisual exposure block (see Figure 2). Accordingly, a repeated 
measures ANOVA on the between-session recalibration effect yielded a highly significant intercept, 
F(1, 41) = 21.80, p < .001, indicating that across days and bins, localization shifts were significantly 
larger than zero. The size of the shift did not differ significantly between Day 2 and 3, F(1, 41) = 
1.60, p = .213. Moreover, and in contrast to the within-session aftereffects measured at Post1 and 
Post2, between-session aftereffects at Pre did not differ between the three bins of trials. Neither the 
main effect of Bin, F < 1, nor the interaction between Bin and Day, F < 1, was significant. 

 

 

Figure 3 – Mean shifts in sound localization per trial (with SEMs) and best-fitting regression lines 
 
To further investigate the time course of between-session aftereffects during Pre blocks and of 

within-session aftereffects during Post1 and Post2 blocks, we averaged localization shifts for each 
trial position across days and participants. As can be seen in Figure 3, the size of between-session 
aftereffects measured at Pre was uncorrelated with time (i.e., trial number), r = .08, p = .422. By 
contrast, there was a significant negative correlation between localization shifts and time both for 
Post1, r = -.32, p = .001, and Post2, r = -.42, p < .001. 
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4. DISCUSSION 
The present study examined the time course of the visual recalibration of auditory localization in 

the ventriloquism aftereffect, both within and across three experimental sessions that were conducted 
on consecutive days. In each session, unimodal sound localization was measured before and after 
each of two brief audiovisual exposure blocks in which sounds were paired with visual stimuli that 
had a constant spatial discrepancy of 13.5°. Sound localization was shifted in the direction of the 
visual stimuli immediately after each audiovisual exposure block, indicative of the typical 
within-session ventriloquism aftereffect (4,5,9). We found that the size of the within-session 
aftereffect linearly decayed by about 1° over the course of the 96 auditory test trials in each posttest, 
but remained significant until the end of each posttest phase. Despite this rapid decay of cross-modal 
recalibration, a residual shift in sound localization was still present at the beginning of the next 
session 24 hours later (15). This between-session aftereffect was smaller than the localization shift at 
the end of the last posttest phase, but did not further decay over the course of the 96 pretest trials. 
Thus, our results suggest distinct underlying mechanisms for immediate and sustained cross-modal 
recalibration effects. 

Our finding that the size of within-session aftereffects decreased over the course of the 96 
auditory posttest trials could indicate a simple decay of the aftereffect over time. Alternatively, 
exposure to the unimodal auditory test stimuli (i.e., without the spatially discrepant visual stimuli) 
might have triggered an additional unisensory recalibration process that counteracted the previous 
audiovisual recalibration effect (17). However, previous studies also found a decline of the 
audiovisual ventriloquism aftereffect when a short delay (without any stimulus presentations) was 
introduced between the audiovisual exposure and subsequent auditory test trials (11,12). Thus, a 
simple decay of the aftereffect over time seems a more likely explanation for our findings. In 
contrast to our results, Frissen et al. (9) reported no decline of the ventriloquism aftereffect over the 
course of the auditory posttest. However, in their study, only 27 posttest trials were administered 
(compared to 96 trials in the present study), which might have been too short to detect a decline in 
the size of the aftereffect. 

Despite the rapid and approximately linear decay of the ventriloquism aftereffect which we 
observed during the first few minutes after cessation of audiovisual exposure, recalibration was not 
fully abolished 24 hours later at the beginning of the next session, although the carryover effect to 
the next session was smaller than the ventriloquism aftereffect at the end of the last posttest block on 
the preceding day. If this between-session aftereffect would still represent the same process as the 
aftereffect observed immediately after audiovisual exposure, one would need to assume that the 
decay of the aftereffect seen during the posttest trials rapidly tapered off and reached an asymptote 
(12). We did not measure sound localization in the time period between the second posttest and the 
pretest on the next day. However, it seems unlikely that recalibration would have affected sound 
localization throughout this 24-hour period. Participants were exposed to naturally occurring 
audiovisual stimuli with their usual spatial correspondence between sessions, which should have 
counteracted any residual recalibration effects from the brief audiovisual exposure during the test 
sessions. 

A more likely explanation for our results seems that recalibration effects were stored and later 
retrieved in a context-specific manner. This assumption is supported by our observation that 
between-session aftereffects emerged only when the audiovisual spatial discrepancy remained 
constant throughout the three sessions (15). Moreover, recalibration effects were found to become 
more specific for the trained stimuli with cumulative audiovisual exposure (13). Concordantly, in a 
study by Hofman et al. (18), participants relearned to localize sounds with molds attached to their 
pinnae which modified spectral sound localization cues. Crucially, after accurate sound localization 
with the molds was learned, participants could easily switch back and forth between normal and 
modified spectral cues, suggesting that the new spatial correspondence was stored and did not have 
to be reacquired each time the participants encountered the modified spectral cues. Taken together, 
these findings suggest that exposure to a new cross-modal spatial correspondence, as in the present 
study, might induce two dissociable recalibration processes, an immediate but transient adjustment of 
sound localization and a sustained, context-specific learning of the altered spatial correspondence 
which requires consolidation after the audiovisual training (19). 
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5. CONCLUSIONS 
In sum, the present study shows that cross-modal recalibration of auditory localization induced by 

a brief period of exposure to spatially discrepant audiovisual stimuli, known as the ventriloquism 
aftereffect, decays rapidly after the end of audiovisual stimulation even if no new audiovisual 
evidence is encountered. In addition, however, a separate mechanism seems to store and consolidate 
the newly acquired spatial correspondence, allowing for a context-specific retrieval of audiovisual 
learning that is stable for at least one day after training. Thus, exposure to spatially discrepant 
audiovisual stimuli seems to trigger adjustments of auditory sensory representations through 
different mechanisms and at multiple time scales in parallel, a finding which needs to be considered 
in applied settings such as the design of virtual reality displays involving audiovisual stimulation. 

ACKNOWLEDGEMENTS 
The study was supported by the German Research Foundation (DFG) through Grant TRR 169/A1. 

We thank Elisa Bußkamp, Theresa Paumen, and Samantha Schröder for help collecting data. 

REFERENCES 
1. Recanzone GH, Sutter ML. The biological basis of audition. Annu Rev Psychol. 2008;59:119-142. 
2. Chen L, Vroomen J. Intersensory binding across space and time: a tutorial review. Atten Percept 

Psychophys. 2013;75(5):790-811. 
3. Recanzone GH. Interactions of auditory and visual stimuli in space and time. Hear Res. 

2009;258:89-99. 
4. Lewald J. Rapid adaptation to auditory-visual spatial disparity. Learn Mem. 2002;9:268-278. 
5. Recanzone GH. Rapidly induced auditory plasticity: the ventriloquism aftereffect. Proc Natl Acad Sci 

USA. 1998;95(3):869-875. 
6. Bruns P, Liebnau R, Röder B. Cross-modal training induces changes in spatial representations early in 

the auditory processing pathway. Psychol Sci. 2011;22(9):1120-1126. 
7. Zierul B, Röder B, Tempelmann C, Bruns P, Noesselt T. The role of auditory cortex in the spatial 

ventriloquism aftereffect. Neuroimage. 2017;162:257-268. 
8. Wozny DR, Shams L. Recalibration of auditory space following milliseconds of cross-modal 

discrepancy. J Neurosci. 2011;31(12):4607-4612. 
9. Frissen I, Vroomen J, de Gelder B. The aftereffects of ventriloquism: the time course of the visual 

recalibration of auditory localization. Seeing Perceiving. 2012;25(1):1-14. 
10. Mendonca C, Escher A, van de Par S, Colonius H. Predicting auditory space calibration from recent 

multisensory experience. Exp Brain Res. 2015;233(7):1983-1991. 
11. Bosen AK, Fleming JT, Allen PD, O'Neill WE, Paige GD. Accumulation and decay of visual capture 

and the ventriloquism aftereffect caused by brief audio-visual disparities. Exp Brain Res. 
2017;235(2):585-595. 

12. Bosen AK, Fleming JT, Allen PD, O'Neill WE, Paige GD. Multiple time scales of the ventriloquism 
aftereffect. PLoS One. 2018;13(8):e0200930. 

13. Bruns P, Röder B. Sensory recalibration integrates information from the immediate and the cumulative 
past. Sci Rep. 2015;5:12739. 

14. Bruns P, Röder B. Cross-modal learning in the auditory system. In: Lee AKC, Wallace MT, Coffin AB, 
Popper AN, Fay RR, editors. Multisensory processes: the auditory perspective. Springer Handbook of 
Auditory Research. Vol. 68. Cham, Switzerland: Springer; 2019. p. 221-242. 

15. Bruns P, Röder B. Repeated but not incremental training enhances cross-modal recalibration. J Exp 
Psychol Hum Percept Perform. 2019;45(4):435-440. 

16. Bruns P. Data for: Repeated but not incremental training enhances cross-modal recalibration [Internet]. 
OSF; 2019. Available from: osf.io/xcskn 

17. Machulla T-K, Di Luca M, Froehlich E, Ernst MO. Multisensory simultaneity recalibration: storage of 
the aftereffect in the absence of counterevidence. Exp Brain Res. 2012;217(1):89-97. 

18. Hofman PM, Van Riswick JGA, Van Opstal AJ. Relearning sound localization with new ears. Nat 
Neurosci. 1998;1(5):417-421. 

19. Powers AR 3rd, Hillock AR, Wallace MT. Perceptual training narrows the temporal window of 
multisensory binding. J Neurosci. 2009;29(39):12265-12274. 

 
 

3920



 

PROCEEDINGS of the  
23rd International Congress on Acoustics  
 

9 to 13 September 2019 in Aachen, Germany 

 

 

 

Sensory integration in parietal but not auditory cortex mediates 

multisensory integration and recalibration 

Hame Park1, Christoph Kayser1 

1Department for Cognitive Neuroscience, & Cognitive Interaction Technology – Center of Excellence, 

Bielefeld University, Bielefeld, Germany. 

 

ABSTRACT 

During the ventriloquist effect (VE) a sound is mislocalized towards a visual cue. This VE induces a change 

in the perceived location of a subsequent unisensory sound - the ventriloquist after-effect, a form of 

multisensory recalibration (VAE). We investigated the neural mechanisms of these phenomena.  

We measured magnetoencephalography (MEG) while participants performed an auditory localization task. 

Psychometric data confirmed both VE and VAE.  

We used cross-validated classification to localize MEG source activity encoding current and previous 

sensory information, and regression modelling to determine when and where neural activity reflecting 

auditory encoding is influenced by the previous sensory information, and where this is predictive of the VE 

and VAE response biases. 

We found neural signatures of audio-visual integration (the VE bias) in superior temporal and parietal cortex. 

Of these, activity in parietal regions mediated the behavioural recalibration of unisensory auditory perception 

(the VAE bias). This suggests that parietal, but not auditory cortex, integrates audio-visual information and 

combines this with persistent representations about prior stimuli to guide adaptive multisensory behaviour. 

 

Keywords: Multisensory integration, audio-visual perception, sensory recalibration 
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ABSTRACT 
Perception relies on inferences about the causal structure of the world provided by multiple sensory inputs. 

In ecological settings, multisensory events that cohere in time and space contribute to such inferential 
processes: the sound of flapping wings naturally paces the crowded vision of a flock of birds, and hearing 
while seeing a speaker enhances speech comprehension. Psychophysical and magnetoencephalography 
(MEG) studies suggest that the Human brain may synthesize multisensory temporal comodulation in some 
abstract form, which may benefit (as top-down predictions) the feedforward analysis of incoming sensory 
signals. For instance, recent findings have shown the emergence of large-scale phase synchronizations in 
high gamma (60-120 Hz) and beta (15-30 Hz) bands following the short experiencing of temporally 
comodulated multisensory signals. The coordinated engagement of prefrontal, parietal, and visual cortices 
suggests the possibility that a short experience of temporally comodulated stimuli signaling the same distal 
information may functionally re-route unisensory processing. 

 
Keywords: Audiovisual, Comodulation, Magnetoencephalography 

 

1. INTRODUCTION 
Textbook descriptions of perception have classically addressed the senses in isolation, each 

concerned with the transduction, coding, and analysis of different kinds of physical signals. 
Increasingly however, empirical evidence from different fields of research have demonstrated that 
multisensory integration – i.e. the combination of multiple sensory signals – is the rule rather than the 
exception (1-3). Indeed, a few seconds of life are filled with a multitude of sensory inputs. Some 
sensory events pertain to the same perceptual episode such as the smell, the sight, the sound, and the 
anticipated taste of wine being poured in a glass; others, although constitutive of the same experienced 
scene, pertain to different experiential episodes such as the chattering crowd gathered around the 
waiter, each with dyads entertaining distinct conversations. How then does the brain selectively 
integrate and segregate multisensory information into a coherent, meaningful and intelligible story? 

1.1 Causal Inference in Multisensory Perception 
Since the seminal Fuzzy Logical Model of Perception (4-6) and the more recent Bayesian 

approaches of multisensory integration in behavior and in neurosciences (e.g. 7-10), the resolution of 
perceptual inference problems has been formulated as a weighted function of multisensory reliability 
so that the most reliable information outweighs other sensory inputs . This model entails the existence 
of multisensory priors shaped in the course of perceptual experiences (as posteriors). Hence, recent 
working hypotheses posit that the brain can infer the causal structure of the sensory environment by 
integrating multisensory signals originating from the same physical source and by segregating signals 
originating from different causes (11-15). Audiovisual speech perception was conceived as a case 
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study for Bayesian inference (6) which likely follows similar Bayesian computational principles (16) 
mediated by predictive multisensory neural processes (17-20). Yet, what sensory cues are primordial 
in engaging multisensory integration is unclear, and whether multisensory integration is a default 
operating mode or not is likely determined by selective attention mechanisms. 

1.2 Selective Attention 
The role of (selective) attention is omnipresent in multisensory research (21). While 

neuroanatomical connectivity demonstrates that feedforward integration could occur early at different 
stages of the sensory hierarchy, the automaticity of behavioral integration effects is systematically put 
into question.  

For instance, in a seminal study (22), behavioral evidence for early feature-based multisensory 
integration could not be found: using a visual search paradigm in which visual feature changes were 
temporally coherent or co-modulated with acoustic changes, the authors found no evidence of parallel 
search and concluded that audiovisual (AV) integration was mediated by attentional effects. To the 
contrary, Van der Burg and colleagues (23-24) used a conjunction visual search in which a horizontal 
or vertical bar (visual target) surrounded by distracters of various orientations changed colors (green, 
red) at a rate of 1 Hz. They showed that transient sounds synchronized with the visual target changes 
fastened participants’ reaction times. As temporal coincidence was orthogonal to the feature space 
relevant for the task (here, the orientation of the visual bar) and yet, perceptual facilitation effects were 
observed, the authors suggested that the synchrony between the transient sounds and the visual 
changes was critical. This finding suggested that the feature of interest may have been the locus of 
temporal attention as cued by the sound.  

A follow-up study by an independent group tested whether behavioral facilitation in visual 
conjunction search would show temporal selectivity in the predicted range of neurophysiological  
reports. Neurophysiological evidence had suggested that selective attention may be implemented as 
the slow regulation of neuronal activity (25-27) in the delta band (1-2 Hz) across auditory and visual 
sensory modalities. More recent neurophysiological evidence further supports a selective 
enhancement of sensory information processing in multisensory populations as well as sensory 
cortices (28), and this can be observed for speech content as well (29-30).  

The paradigm of Van der Burg and colleagues (23) was extended by measuring reaction times (RT) 
and performance at varying rates of AV presentation as well as insuring that no temporal correlation 
survived between the sound and the visual target in a control condition (31). Below 2 Hz, faster RTs 
and improved performances were observed for temporally congruent AV stimuli, whereas slower and 
worse performances were observed for temporally incongruent AV stimuli as compared to the visual 
condition alone. These results provided evidence that AV interactions in visual search were 
temporally-dependent and that automaticity in multisensory integration was mediated by selective 
temporal attention. In a similar vein, Parise and colleagues (32) presented a train of white noise clicks 
and Gaussian blobs at different spatial locations. The authors showed that spatial localization was 
more precise when AV stimuli were temporally correlated than when they were not; however, 
temporally uncorrelated AV stimuli were still more precise than the best unisensory condition. As 
mentioned by the authors, even when stimuli were “uncorrelated”, they still presented some 
correlations at larger temporal scales which likely accounted for the lack of replication of the 
differences observed between correlated and uncorrelated effects reported in the  previous study (31).  

Altogether, these psychophysical studies suggest that the temporal comodulation of sensory inputs 
is a crucial cue for engaging selective attention in multisensory integration by increasing the salience 
in time of incoming sensory inputs. A recent model (15) relying on temporal coincidence further 
suggested that temporal coherence may be sufficient to determine very early on in the sensory 
hierarchy whether signals are causally related or temporal ly segregated.  

1.3 Audiovisual Comodulation 
The comodulation or temporal coherence of multisensory sources could be seen as a 

‘common-fate’ Gestalt principle so that features sharing the same dynamics in different sensory 
modalities are inferred to belong to the same perceptual object (32), just as can be observed within 
vision (33-35) and within audition (36, 37). The temporal comodulation of sensory signals helps 
building the representation of complex perceptual scenes and in the context of multisensory 
integration, may enable a feedforward volley of multisensory cueing. This is particularly relevant for 
speech processing in which the acoustic envelope of the speech signal and the movements of the lips 
show high temporal correlation or comodulation (38) in the spectral range that is relevant for speech 
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feature categorization i.e. the F2/F3 formants region (39,40). These correlations have been argued to 
support multisensory integration even when visual speech information is consciously suppressed (41). 
Hence, an interlocutor's mouth movements temporally coherent with the envelope of the acoustic 
speech signals provide the listener with strong binding cues for predictive inferences  (17, 18, 38, 42, 
43). These general considerations motivated a research program which explored whether AV 
comodulation may also subsequently help visual perceptual discrimination (44, 45). We report below 
a partial set of results from one study, which will be presented at the conference.  

 

2. MATERIALS & METHODS 

2.1 Participants 
36 healthy human participants (16 females) were recruited for the study (22.1 +/- 2 y.o). All 

participants were right-handed, had normal hearing and normal or corrected-to-normal vision. Before 
the experiment, all participants provided a written informed consent in accordance with the 
Declaration of Helsinki (2008) and the local Ethics Committee on Human Research at NeuroSpin 
(Gif-sur-Yvette, France). Prior to the MEG acquisition, participants were randomly split into 3 
experimental groups (V, AV, and CTRL) as detailed below. 

2.2 Task 
The behavioral task consisted in discriminating which of a red or green cloud of dots moved in the 

most coherent way (Figure 1). While being recorded with magnetoencephalography (MEG), 
participants were tested with the visual task for 12 minutes before and after a short training (PRE, 
POST, respectively). The training was 20 minutes long (4 blocks, 5 minutes each) using visual stimuli 
only (V group; N=12), congruent or incongruent audiovisual stimuli (AV and CTRL group, 
respectively; each with N=12). In PRE and POST, individuals’ visual discrimination thresholds were 
drawn from their individual psychophysical discrimination curve testing 7 strengths of motion 
coherence (15%, 25%, 35%, 45%, 55%, 75% and 95%; 28 trials each).  Each MEG recording block was 
followed by a 5 minutes rest block.  

2.3 Stimuli 
Visual stimuli were isoluminant green and red clouds of dots (Figure 1A). Dots (0.2° radius) were 

presented within an annulus of 4° to 15° of visual angle. The motion flow was 16.7 dots/deg 2/s with a 
speed of 10°/s. The direction of motion was constrained to 45°-90° around the azimuth. Both colors 
(red, green) and directions (up, down) of the most coherent cloud were counterbalanced and 
pseudo-randomized across trials. The V group underwent training using visual only stimuli. The CTRL 
group underwent training with acoustic noise fully uncorrelated with the coherent motion to test 
specificity of AV associations. The AV group was tested with temporally comodulated AV associations  
(Figure 1B). We used parametrized acoustic textures (46) so that each visual dot was paired with a 
linear frequency-modulated acoustic sweep whose slope depended on the direction of the visual dot 
(see 44; Fig. 1A; fs = 44.1 kHz, 0.2 - 5 kHz). The maximal slope was 16 octaves/s corresponding to 
motion directions of 82.9°-90°. A visual dot moving upwards (downwards) was associated with an 
upward (downward) acoustic ramp. The duration of a ramp was identical to the life -time of a dot.  

2.4 Magnetoencephalography (MEG) 
Electromagnetic brain activity was recorded in a magnetically shielded room using a 306 MEG 

system (Neuromag Elekta LTD, Helsinki). MEG signals were sampled at 2 kHz and band-pass filtered 
between 0.03-600 Hz. Four head position coils (HPI) measured the head position of participants before 
each block; three fiducial markers (nasion and pre-auricular points) were used during digitization as a 
reference for coregistration of anatomical MRI (aMRI) immediately following MEG acquisition. 
Electrooculograms (EOG) and electrocardiogram (ECG) were recorded simultaneously with MEG. 
Five minutes of empty room recordings was acquired before each block for the computation of the 
noise covariance matrix. 
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Figure 1 – A: In a single trial of the main experimental task used for all participants (V, AV and CTRL 
groups in the PRE and POST experimental blocks), a red and a green cloud of dots were intermixed. 
All dots were fully incoherent for up to 0.6 s. Then, one of the clouds (here, red) became more coherent 
for 1 s. Participants were asked to report the color of the most coherent cloud. B: During training, the 

AV group heard a coherent acoustic texture paired with the most coherent cloud (here, red). C: 
Illustration of the source-estimated Human motion area (hMT+; left panel) activity in response to the 
presentation of visual motion coherence of increasing strength (blue to red color). The stronger the 
coherence of visual motion, the stronger the source amplitude estimated with MEG (right panel). 

Samples of the video trials are provide as Movies S1 and S2 in Zilber et al (44). 
 

 

2.5 Main Analyses 
The analysis of the MEG used the MNE-python toolbox (47). After applying an anti-aliasing FIR 

filter (low-pass cutoff frequency at 130 Hz), MEG data were down-sampled to 400 Hz, and 
preprocessed to remove external and internal interferences. Signal Space Separation (SSS) was 
applied with MaxFilter to remove exogenous artifacts and noisy sensors  (48). Ocular and cardiac 
artifacts (eye blinks and heart beats) were removed using Independent Component Analysis (ICA) on 
raw signals (49; 
https://github.com/mne-tools/mne-python/blob/master/tutorials/plot_artifacts_correction_ica.py). 
The functional interaction between brain regions was assessed by evaluating the similarity of brain 
activity across remote brain regions, namely functional connectivity (FC) of oscillatory activity using 
the weighted Phase Lag Index (PLI) (50, 51). All statistics were corrected for multiple comparisons.   
 

3. MAIN RESULTS 
 
All participants improved their performance during training (Figure 2, left column). Performing 

the visual discrimination task was accompanied by the activation of a large network of brain regions 
encompassing sensory and multisensory cortices (44). Of interest, we found a selective implication of 
prefrontal regions for those motion coherence strengths that improved after training (Figure 2, middle 
column). Herein, we solely focused on the PRE and the POST functional networks, when participants 
from all three groups performed the task on visual motion coherence only in the absence of any other 
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stimuli. 28 cortical regions were considered following source reconstruction. All statistical contrasts 
were based on non-parametric permutation t-tests. Only phase coupling values showing significant 
differences (p < 0.01) are being highlighted.  

 

3.1 Alpha (8-12 Hz) Networks (De)Synchronization 
The functional connectivity pattern observed in resting-state was subtracted from the PRE and 

POST networks. A significant uncoupling of the alpha oscillatory network during both PRE and POST 
was found as compared to resting-state. The observed alpha desynchronization was modulated by the 
training (i.e. the sensory history) experienced by participants. Consistent with the alpha 
desynchronization, a general task-related decrease of node degree from resting-state to PRE was found 
in parietal, occipital, and temporal regions for the alpha network. Additionally, a relative increase in 
synchronization from PRE to POST was observed mainly in the V and CTRL groups (Figure 2). 

 

 
 

Figure 2 – Perceptual Discrimination (left column): all three groups (V, AV and CTRL) significantly 
improved their performance (significant decrease of perceptual threshold) after the short training. An 
increased activity in ventro-lateral Prefrontal Cortices (vLPFC) was found in response to visual 

motion coherence stimuli, which became discriminable after training (44; middle column). This 
observation suggested that the temporal comodulation of sensory signals may be represented in an 

abstract (sensory-independent) format. Post-training oscillatory networks showed the notable 
emergence of beta and high-gamma oscillatory activity in the AV group (45; left column). 

 

3.2 Beta (14-30 Hz) and High Gamma (> 60 Hz) Networks  
A similar analysis performed for the beta and gamma oscillatory regimes showed an increase of 

large-scale coupling from resting-state to task (both PRE and POST; Figure 2, right column). The 
beta network was found in all groups and implicated vlPFC, Intra-Parietal Sulcus (IPS) and hMT+. A 
significant strengthening of the beta network following training was solely observed in the AV group, 
who had experienced AV comodulated signals. A significant increase of functional connectivity in 
high gamma was also found in the AV group between auditory regions and pSTS. Further, the node 
degree value of beta oscillatory networks decreased with training in all three experimental groups. 
Conversely, the right mSTS region increased following training in all three groups. This observation 
suggested the implication of the mSTS during training, the synchronization of which got stronger and 
more extensive following all trainings. 

3926



 

 

3.3 Beta (14-30 Hz) network and perceptual decision-making 
The functional network patterns emerged in a training-selective manner in the beta band for the AV 

group, suggesting that comodulated AV stimuli affected the functional organization of cortical 
interactions during visual discrimination task. Both beta and gamma long-range interactions in 
POST-specific networks were found to predict an individual’s confidence rating trained with AV 
comodulation (r=0.72, p=0.011, N=12; 45).  

 

4. DISCUSSION  
A series of psychophysical work and recent MEG data (44, 45) suggest that comodulated 

audiovisual stimuli are crucial for multisensory perception. Comodulated sounds while performing a 
motion coherence discrimination task seem to strengthen subsequent perceptual decision-making 
through the regulation of large-scale oscillatory synchronizations in the Human brain. A functional 
connectivity analysis quantifying the degree of oscillatory phase-coupling across brain regions 
showed a global decrease of alpha (8-12 Hz) phase synchronization from to rest to task. This global 
decrease was indicative of an enhanced attentional state when performing the task. Importantly, we 
observed the selective emergence of the long-range beta (15-30Hz) and gamma (60-120 Hz) 
synchronization networks in the AV group, that is the group having experienced coherent multisensory 
stimulation. Altogether, our results suggest that temporal comodulation is an important ecological cue 
for solving the seminal correspondence problem in multisensory research.  

5. CONCLUSIONS 
In sum, this body of work aims at exploring the interplay of bottom-up (temporal comodulation) 

and top-down (abstraction) selectivity in the integration and segregation of multisensory information 
during perception. 
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ABSTRACT 

Perception is seamlessly multisensory, and interpreting an object through multiple modalities offers 

advantages over unisensory processing. We have recently demonstrated that audiovisual temporal coherence 

can modulate the performance of human listeners in an auditory selective attention task (1) (Maddox et al., 

2015). When the radius of a visual stimulus changed in time with the intensity fluctuations of a target stream, 

listeners were better able to detect brief pitch or timbre perturbations than when the visual stimulus was 

temporally coherent with the to-be-ignored stream. Importantly, the timing or presence of the pitch / timbre 

perturbations were not predicted by the changes in the size of the visual stimulus.  

 

Recording neural activity in the auditory cortex of ferrets in response to similar stimuli revealed a single 

neuron correlate of this effect, with the visual stimulus dictating which sound neurons represented within a 

mixture (2). Therefore by using stimuli that consisted of independently amplitude modulated acoustic 

streams and a radius (for human psychophysics) or intensity (for recordings in ferrets) modulated visual 

stimulus we were able to demonstrate preferential processing for sounds that were temporally coherent with 

the visual stimulus. In these studies the coherent changes in visual size/luminance and auditory amplitude 

bound information across modalities. However, the perceptual / neural benefits we observed extended to 

non-binding features of the sound – auditory pitch and timbre- consistent with the formation of an 

audiovisual object (3). Ongoing work is exploring the parameters over which these effects extend by 

manipulating onset asynchronies across modalities and the extent of the temporal coherence.  

 

Human listeners varied in their ability to benefit from audiovisual temporal coherence (1). We therefore 

conducted a training study in which participants performed 5 short training sessions learning to either detect 

audiovisual temporal coherence, or were exposed to temporally coherent audiovisual stimuli while 

performing a rate discrimination task, or only completed the pre and post-test tasks. Both pre and post-tests 

included the auditory selective attention task used in (1) and an audiovisual temporal coherence detection 

threshold task. Both trained groups improved their performance on the auditory selective attention task from 

pre-test to post-test. However, only listeners who improved their ability to discriminate audiovisual temporal 

coherence altered the way in which they were able to benefit from audiovisual temporal coherence, such that 

temporal coherence between both target and masker sounds was advantageous when compared to 

performance with an independently modulated visual stream (4).  
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ABSTRACT 

Understanding what is said and recognising the identity of the talker are two important tasks that the brain is 

faced with in human communication. For a long time neuroscientific models for speech and voice processing 

have focused mostly on auditory language and voice-sensitive cerebral cortex regions to explain speech and 

voice recognition. However, our research has shown that the brain uses even more complex processing 

strategies for recognising auditory communication signals, such as the recruitment of dedicated visual face 

areas for auditory processing. In my talk I will give a brief introduction to this work and show how the 

multisensory influences on auditory processing can be harnessed to improve auditory learning.  
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Abstract
Age-related hearing loss profoundly impairs speech comprehension in noisy environments [1, 2, 3, 4, 5]. Com-
bining psychophysics and fMRI we investigated the role of audiovisual asynchrony (-250, 0, +250 ms) on
intelligibility of audiovisual (AV) speech in younger and older adults. AV speech was presented with and with-
out babble noise. Older and younger adults did not differ in their ability to discriminate between synchronous
and asynchronous speech irrespective of the presences of noise. Nevertheless, older participants’ speech com-
prehension was significantly more impaired for asynchronous relative to synchronous speech, when the speech
was presented with babble noise. At the neural level, we observed that this decrement in speech comprehension
for asynchronous AV speech was mediated by activations in a widespread neural system including the superior
temporal sulci. These regions showed an activation increase for synchronous relative to asynchronous speech
in noise in older adults, but a decrease in younger adults (i.e. significant cross-over group x (a)synchrony in-
teraction). Collectively, our results demonstrate that audiovisual synchrony can impact the neural processes
underlying speech comprehension differently in older and younger adults, even though both groups are equally
good at discriminating between synchronous and asynchronous speech.
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ABSTRACT 

Large swaths of lateral frontal cortex (LFC) are often characterized as domain-general or multiple-demand, 

due to their apparent recruitment in a wide range of cognitive tasks [e.g 1,2]. However, using fMRI to 

contrast brain activity during auditory attention or working memory with that brain activity during matched 

visual tasks has robustly identified a number of bilateral auditory-biased regions in lateral frontal cortex [3,4]. 

The supplementary motor area (SMA), transverse gyrus bridging precentral sulcus (tgPCS), caudal inferior 

frontal sulcus/gyrus (cIFS/G), anterior central operculum (aCO), and frontal operculum (FO) are bilaterally 

recruited for demanding auditory - but not for visual - tasks. Resting-state functional connectivity analysis 

confirms that these regions participate in a network with other auditory structures in superior temporal lobe. 

A seed-to-whole-brain analysis of functional connectivity [5] revealed additional regions of frontal cortex 

that are significantly more strongly connected to the auditory network than to the corresponding visual 

network. Both the auditory frontal network and these extended network regions show substantially lower 

levels of domain-general recruitment than do corresponding visual network regions, suggesting that human 

auditory cognition may rely on specialized cortical machinery. 
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ABSTRACT 

Direct recordings from neurosurgical patients undergoing invasive monitoring for epilepsy provide an 

opportunity to resolve distinct auditory cortical fields on the supratemporal plane. Short-latency (< 20 ms) 

responses and prominent phase locking to 100-Hz click trains are consistently found in posteromedial 

Heschl's gyrus (HG), indicating a primary field. More anterolateral recording sites, presumably in a 

non-primary field, respond with longer latency and much less phase-locking. To more fully characterise 

electrophysiological properties of primary and non-primary auditory cortex we analysed activity in the 

frequency domain, prior to and during the presentation of clear and degraded sentences. In contrast with 

posteromedial HG, where power in the high gamma range (70-150 Hz) dominated, anterolateral HG, was 

characterised by high spontaneous alpha (7-10 Hz) activity that was strongly suppressed from 300 ms after 

the onset of a stimulus until its offset. This suppression was more pronounced in response to clear than to 

degraded speech. We consider possible explanations for differences in the spectral profile of primary and 

non-primary auditory cortical activity. 
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ABSTRACT 
The further apart two sounds are along the horizontal azimuth, the more likely they are to be heard as two 
separate sources. This spatial stream segregation (SSS) function may be dissociable from that of locating 
sound sources, but most neuroscience research on spatial hearing has focussed on the latter. Such research 
has uncovered spatial-sensitivity in the posterior auditory cortex, which has correspondingly been 
characterized as part of the "where" processing pathway for localization. However, other evidence indicates 
that this spatial sensitivity may be more relevant for SSS than for localization. We tested this hypothesis using 
7 tesla functional magnetic resonance imaging. We measured brain activity in ten, normal-hearing adults 
while they listened to two concurrent auditory streams, spatially-separated along the horizontal azimuth. We 
applied multivoxel pattern classifiers to decode brain activity patterns associated with changes in location 
that resulted in either altered or constant SSS. We reasoned that if spatially-sensitive auditory cortex is 
optimized for SSS, then changes in spatial separation will be better decoded than mere changes in location. 
Our hypothesis was supported in the hemisphere contralateral to the sound locations. This result supports that 
spatial sensitivity in the auditory cortex is optimized for scene analysis rather than localization. 
 
Keywords: Spatial stream segregation, localization, auditory cortex, auditory spatial processing 

1. INTRODUCTION 
The further apart two sounds are along the horizontal azimuth, the more likely they are to be heard 

as two separate sources. This phenomenon, known as spatial stream segregation (SSS) contributes to 
the essential function of auditory scene analysis. Typically, SSS is considered in tandem with 
localization processes: The brain combines input from each ear to calculate where the components of 
a sound wave originate from in space (localization), and simultaneously uses these spatial locations to 
help segregate these components into different auditory objects (SSS). However, this intuitive 
characterization is inconsistent with some evidence indicating that the two spatial functions are 
dissociable. For example, different weightings of interaural cues are used for a task that tests spatial 
relationships as compared to one that tests SSS (1). And, research on spatial hearing abilities after 
brain damage shows that while some patients are unable to locate the origin of sounds along the 
horizontal azimuth they can nonetheless benefit from spatial separation between target and masker in 
a sound identification task, and vice versa other patients are able to locate sounds but do not benefit 
from spatial separation in sound identification (2). 

The neural substrates of SSS, dissociated from localization, remain unknown. While both primary 
and posterior mammalian auditory cortices (AC) show sensitivity to auditory spatial manipulations, 
this sensitivity has typically been considered as evidence for the involvement of these regions in 
localization as part of the "where" pathway of auditory processing (3). Thus, much research to 
understand processing in spatially-sensitive AC has centered on determining the code for localization 
of single sounds (for recent examples see 4,5). However,  other evidence suggests that the spatial 
sensitivity of the AC may reflect the role of space in scene analysis: Activity levels here increase with 
spatial separation between concurrent sounds more than it does with changes in location of single 
sounds (6,7).  

Here, we tested these conflicting interpretations of spatial-sensitivity in the AC by analyzing 
multivoxel patterns  of brain activity measured by functional magnetic resonance imaging (fMRI) at 

7 Tesla. In two different models, a classifier was trained to distinguish between brain ac tivity 
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Figure 2 - The virtualized locations of two auditory streams in three different fMRI conditions  

(Frontal Quadrant, Midline, and Periphery), and the combination of these conditions into  

two models (Separation and Location). 
 
patterns associated with changes in location that resulted in either altered or constant SSS. We 

followed the assumption that decoding accuracy between two conditions will increase with the degree 
of their perceptual difference. This assumption is based on evidence that similarity in perceptual 
information correlates with similarity of elicited multivoxel activity patterns (O’Toole et al., 2005).  
Thus, we reasoned that if spatially-sensitive AC is optimized for SSS, then the classifier will have 
higher accuracy when decoding location changes associated with SSS as compared to those associated 
with location alone.   

2. METHODS 

2.1 Participants 
The study was approved by the Ethical Review Committee for the Faculty of Psychology and 

Neuroscience at Maastricht University. Participants were recruited from the Maastricht University 
undergraduate psychology program. All gave informed written consent and were compensated for 
their time either by course credits or gift vouchers. Ten right-handed healthy adults with self-reported 
normal hearing participated in the experiment (4 males and 6 females, age in years old: mean = 21.5, 
range = 18 - 31). The behavioural data from these participants is also reported on in our companion 
paper (8).  

2.2 Stimuli 
 The stimuli are described in our companion paper (8), and were adapted from Middlebrooks and 
Onsan (1) rhythmic-masking release paradigm. In short, the stimuli consisted of two 
spatially-separated concurrent auditory streams. Each stream consisted of repeated 20 ms noise bursts, 
arranged to form one of two rhythms, termed rhythms A and B. The rhythms were such that the two 
streams created no energetic acoustic masking for one another. As such, when the streams were 
co-located, the participant heard a single stream of noise bursts, and only when the streams were 
sufficiently spatially-separated could the rhythm (A or B) be identified by the participant. The streams 
were spatialized with non-individualized head-related transfer functions from the CIPIC library (9) 
which were selected based on the participants' anthropometry and subjective choice (10).  
 The streams were arranged in three spatial conditions, shown in Figure 1. In the frontal quadrant 
condition, the locations of the two streams were fixed at -80 and -10 degrees (where the midline is 0 
degrees). This spatial separation between the streams was sufficiently large so that they were easily 
segregated, and the identity of the streams' rhythm was clear to the participant. In the periphery and 
midline conditions, only one stream had a fixed location across participants: at -80 degrees for the 
periphery condition, and at -10 degrees for the midline condition. Here, the location of the second 
stream was determined for each participant individually, such that the spatial separation betwee n the 
streams allowed the participant to correctly identify the rhythm with 81% accuracy. This was 
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calculated by a staircase procedure that was completed over two sessions of behavioural testing prior 
to the fMRI session. The details of this procedure are described in our companion paper (8). 

2.3 fMRI Acquisition 
Participants were scanned on the Siemens 7 tesla MAGNETOM MRI scanner with a 32-channel 

Nova Medical head RF coil at the Scannexus facility in Maastricht, Netherlands (www.scannexus.nl). 
Participants completed 10 runs of fMRI to measure BOLD signal [T2*-weighted gradient echo-planar 
imaging, volumes = 60, number of slices = 60, voxel size = 1.1 mm isotropic, matrix size = 188 x 188, 
TR = 10080 ms, TA = 1780 ms, silent gap for stimulus presentation = 8300 ms, generalized 
autocalibrating partially parallel acquisitions (GRAPPA) = 3]. Following this, we completed a 
T1-weighted scan (MPRAGE sequence, TR = 3100 ms, time to inversion = 1500 ms, TE = 3.5 ms, 0.7 
mm isotropic voxels, matrix size = 320 x 320, number of slices = 256, flip angle = 5°, GRAPPA = 3), 
and a proton density scan TR = 2160 ms, TE = 3.5 ms, 0.7 mm isotropic voxels, matrix size = 320 x 320, 
number of slices = 256, flip angle = 5°, GRAPPA = 3).  

Auditory stimulus presentation during the fMRI was controlled by Psychopy (11), and was 
accompanied by a visual fixation cross presented via a projector and mirror. Each fMRI run contained 
30 measurements of experiment trials interleaved with 30 measurements of rest. For experiment trials, 
the auditory stimulus was presented via MRI-compatible ear buds (S14; Sensimetrics) at a comfortable 
level during the 8300 ms silent gap between measurements. The order of the stimuli was 
pseudorandom. The 30 trials included 3 repetitions of each of the 2 rhythms and 3 conditions. During 
the subsequent rest trial, the fixation cross changed from black to red for 2000 ms. Participants were 
instructed to respond whether the previous target stream was rhythm A or rhythm B with this cue.  

2.4 fMRI Preprocessing  
Image preprocessing was completed using automatic tools from Brain Voyager QX (Brain 

Innovation). T1-weighted images were divided by the PD images to minimize signal inhomogeneities 
from the receiver coil. The T1/PD was corrected for residual inhomogeneities, resampled to 1.0 mm 
isotropic resolution, and aligned to the AC–PC plane. Gray matter, white matter, and CSF were 
segmented automatically and the borders were edited manually as needed in the region of the primary 
auditory and posterior superior temporal cortices.  

Preprocessing of the fMRI data consisted of slice scan-time correction (with sinc interpolation), 3D 
motion correction (trilinear/sinc interpolation to the first volume of the first run),  and temporal 
high-pass filtering (five cycles per run with linear trend removal). Functional data were resampled to 
1.0 mm isotropic space (sinc interpolation) and automatically registered to the participant’s 
preprocessed anatomical image with manual corrections as needed (rigid-body transformation, six 
degrees of freedom).  

For each hemisphere of the preprocessed anatomical volume in native space, a region-of-interest 
(ROI) was manually drawn. The ROI was defined liberally to include Heschl’s gyrus, the upper half of 
the posterior superior temporal gyrus, the planum temporale, and the ascending limb of the Sylvian 
fissure. This broad definition allowed us to avoid excluding potentially relevant information. The ROI 
was drawn on an inflated reconstruction of the cortical surface and projected into the co -registered 
volume space; the resultant voxels were used to extract fMRI signal for the multivoxel pattern analysis 
(MVPA). 

2.5 MVPA  
The MVPA was implemented with a custom MATLAB script. We designed two models (Figure 1), 

termed the separation and location models. Each model consisted of a combination of two conditions: 
the frontal quadrant and midline conditions for the separation model, and the midline and periphery 
conditions for the location model. Note that in both models, the most peripheral stream changes 
location across the two conditions. In the separation model this change in location is associated with a 
change in SSS, whereas in the location model SSS it is held constant. For each model, trials of rhythm 
A and B were trained and tested separately. 

In each voxel within the ROI, we calculated the percentage signal change for each experimental 
trial relative to its subsequent rest trial. The participant’s 10 runs were split into training and testing 
data using a leave-run-out scheme with 8 runs for training and 2 for testing, and 5 cross-validations. 

3938



 

 

 
Figure 1 - Decoding accuracy from the multivoxel pattern analysis for two hemispheres and two models. 

Chance (y = 0) was calculated for each hemisphere separately through random permutations of training  

and testing labels. Thick bars indicate group median values, boxes indicate group quartiles, and circles 

indicate individual participants.  

 
For each training set, we excluded voxels with outliers (absolute Z-transformed percentage signal 

change > 5.0) under the assumption that such values are likely driven by noise. To reduce the 
dimensionality of the data, we selected the half of the voxels with the highest absolute percentage 
signal change. 

For each model, we applied a linear support vector machine (SVM) to learn to distinguish between 
the multivoxel patterns of activity associated with each condition in the model (12). Voxels within 
each hemisphere's ROI were reduced iteratively using a recursive feature elimination (RFE) procedure 
(13) consisting of 15 levels. In each level of the RFE, the SVM training and testing was repeated four 
times with a random sampling of 90% of the trials. Each voxel was labeled with a weight that 
represented the contribution of that voxel to the classification’s success, averaged across the four 
repetitions, and the lowest weighted voxels were discarded. The number of discarded voxels at each 
level was adjusted for each hemisphere’s ROI such that approximately 250 voxels remained at the 15th 
level of RFE. Decoding accuracy at each level was calculated as the average proportion of correctly 
classified testing trials across the two classes. The maximum accuracy across RFE levels was selected 
for each split and then these values were averaged. Finally, the accuracies across rhythm conditions 
were averaged to give a single accuracy value for each hemisphere and model.  

Although the theoretical chance level for decoding accuracy is 50%, the RFE procedure inflates 
this value. Therefore, we calculated chance level empirically for each of the 20 tested hemispheres 
individually. This was done by permuting the condition labels for each model and repeating the full 
RFE procedure 1200 times (200 times per model and rhythm). For each hemisphere, we subtracted its 
empirical chance level from each model’s classification accuracy to give decoding accuracy above 
chance (DAC). Wilcoxon signed-rank tests were used to compare DAC to chance and between models 
in each hemisphere with a threshold of p < 0.05, adjusted for six multiple comparisons by 
false-discovery rate (14). 

3. RESULTS 
DAC for each hemisphere and each model are shown in Figure 2, with statistical values in Table 1. 

For the location model, decoding was above chance only in the contralateral hemisphere. For the 
separation model, both hemispheres were above chance. Consistent with our prediction, DAC was 
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higher for the separation model than the location model, but only in the contralateral hemisphere.  
Table 1 – Statistical test values for comparisons of the measure of decoding accuracy above chance. 

Statistical significance is indicated by bold.  

Hemisphere Test W p 

(FDR-corrected) 

Ipsilateral 

(left) 

Location > Chance 49 0.041 
Separation > Chance 42 0.192 

Separation > Location 36 0.224 

Contralateral 

(right) 

Location > Chance 53 0.018 
Separation > Chance 55 0.012 

Separation > Location 49 0.027 
  

4. SUMMARY 
Using MVPA, we found that decoding brain activity patterns that were associated with changes in 

SSS was better than that associated with changes in location only. This finding supports the hypothesis 
that spatially-sensitive AC is optimized for SSS. Interestingly, the contralateral hemifield also 
represented location information, which suggests that localization processing is carried out in 
spatially-sensitive AC in addition to SSS. The current dataset may help dissociate localization and SSS 
further through future examination of the distribution of each voxel's contribution to the classification 
success. In any case, our result demonstrates that further understanding of auditory spatial processes 
cannot be accomplished by examining responses to single sound locations only, but will require 
concurrent spatially-separated sounds. This implication is relevant not only for future neuroscience 
research, but also for applied research in hearing technology development.  
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EXTENDED ABSTRACT 
Humans have precocial hearing, allowing the human fetus to learn seemingly complex features about the 
extrauterine environment via sound transmission into the womb. What is the neural architecture that 
facilitates auditory learning during this early developmental period? In general, primary sensory cortex 
matures in advance of nonprimary sensory cortex, but the timing differences between primary (pAC) and 
nonprimary auditory cortex (nAC) maturation in humans have been unclear. Tracking human perinatal 
cortical maturation in vivo has been made possible with modern advancements in magnetic resonance 
imaging (MRI). Diffusion MRI metrics of fractional anisotropy, mean diffusivity, axial diffusivity, and radial 
diffusivity show systematic changes as neuronal genesis, differentiation, and migration occur in the 
developing brain. Here we used diffusion MRI metrics to track these cortical maturational processes and 
microstructural changes along the length of Heschl’s gyrus. We analyzed longitudinal data from infants born 
preterm who each underwent diffusion MRI up to four times between 26 and 40 weeks postmenstrual age. 
We also tested for associations between diffusion metrics in infancy and language developmental outcomes 
at age 2 years. We were able to distinguish between pAC and nAC as early as 28 weeks postmenstrual age, 
a time at which the sulcal boundaries of Heschl’s gyrus are just beginning to appear. Our analysis revealed 
differing rates of maturation along the axis of Heschl’s gyrus as cortex transitions from pAC to nAC. While 
pAC was further advanced along the developmental timeline at each timepoint, nAC showed much larger 
changes from 26 to 40 weeks postmenstrual age than did pAC. Disturbed maturation of nAC (but not pAC) 
in infancy was associated with poorer language performance at age two years. 
 
Keywords: auditory cortex, human development, fetal hearing 
 
The details of this study are published in open access Reference 1. 
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ABSTRACT 
The Teatro Colón in Buenos Aires is well known for its acoustic quality. It is considered not only one of the 
best opera houses in the world, but also an exceptional space for symphonic music, as highlighted by Leo 
Beranek and colleagues in two articles published in 2000 and 2003. The architectural and acoustical analysis 
of the hall shows some of the possible causes of this dual behavior, derived from a specific combination of 
architectural features such as the shape of the horseshoe, the height and depth of the boxes at the upper levels 
and the design of the proscenium and pit. These components contribute to create a very enveloping sound 
field when used for symphonic music, similar to those of a shoebox auditorium, and allow the maintenance 
of the acoustical balance between the singers and the orchestra when used as an opera theatre. As can be seen 
from audience opinion polls on the sound perceived, acoustic measurements and the outcomes of a digital 
model, this behavior is more noticeable on the main floor. In this work, the acoustic quality of the Teatro 
Colón as a double-function hall is analyzed. 
 
Keywords: Opera house, acoustical quality, lateral reflections 

1. INTRODUCTION 
The Teatro Colón of Buenos Aires, which opened in 1908, is well known for its excellent acoustical 

quality. General opinion considers that it is not only one of the finest opera theatres in the world, but 
also one of the best halls for symphonic music. Along with the usual sources of information, based on 
the opinions of the audience, musicians and critics who have attended functions during its history, the 
assumption that the Teatro Colón has a superior acoustical quality was supported by two extensive 
research works developed at the beginning of the 21st century. The first of them, published  in 2000, 
was carried out by Takashuki Hidaka and Leo Beranek (1). In that paper, they surveyed 22 musicians, 
who had vast experience performing in halls around the world. The musicians were asked to rate the 
acoustic quality of 23 well known opera houses and the theatres were then ranked on a scale from 
"poor" to "very good". The Teatro Colón was not only among the best, but actually placed highest of 
all the theatres. In another article, published in 2003, Beranek repeats the previous methodology and 
classifies the auditoriums for symphonic music according to their acoustical quality (2). In this paper 
the Teatro Colón was placed joint top, with the same rating as two shoebox-shaped concert halls built 
specifically for that purpose: the Vienna Musikverein and the Boston Symphony Hall. 

Why is the acoustic of the Teatro Colón so good? Perhaps one possible answer to this question 
could be that the Teatro Colón behaves like a double hall, with some features typical of opera theatre 
and others of an auditorium for symphonic music.  

In order to understand the physical origins of the acoustic quality of the hall, it was decided to 
analyze the acoustic field of the best seats beyond the limits imposed by ISO -3382 standard. Some 
theories, based on the structure of the lateral reflections, as the cause of the strong sound presence 
and the great enveloping sensation experienced in the room, were then considered as possible 
explanations of its acoustical behaviour. The main objective of this work is to present part of the 
outcome of this analysis, in which some of the architectural causes of the acoustic fingerprint of the 
Teatro Colón were exposed. Part of the material shown has already been presented in previous 
congresses and scientific meetings, but in this case a more comprehensive perspective is followed. 
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2. METHODOLOGY 
In order to determine the possible architectural causes of the acoustic behaviour of the Teatro Colón, 

several activities were carried out:  
1. Analysis of historical records and opinions of well-known artists. A new series of opinion polls 

was also performed to complete the picture from the point of view of the audience.  
2. Acoustic measurements of the hall based on the ISO-3382 standard (3). 
3. Simulations in a digital model, developed using the software CATT-Acoustic, which was fine-

tuned using the data collected from the measurements described in point 2 and with the data 
obtained taken of measurements of the acoustic materials–seats, chairs, curtains and carpets–
in a certified laboratory (4). 

4. Analysis of the relationships among the physical data collected and the outcomes of the 
subjective evaluations of the hall. 

5. Analysis of the probable architectural causes of the acoustical quality of the hall, based on the 
conclusions obtained in point 4.      

Following the methodological process listed above, the condensed results of this stage of the 
analysis are described in the next subsections. The results are presented in two parts: firstly in 
reference to the theatre as an auditorium for symphonic music and secondly regarding its use as a 
theatre for opera. 

3. THE TEATRO COLÓN AS AN AUDITORIUM FOR SYMPHONIC MUSIC 
The results of the opinion polls about the acoustic quality of the hall as a auditorium for symphonic 

music were, in general, expected. They describe the sound differences at different levels and revealed 
some well-known small sectors of the main floor with a sound quality below the average. However, 
the item "comments", in which the listeners could express themselves freely, was very revealing. T he 
majority highlighted the presence of the sound–one of them said it was "tangible", the feeling of being 
immersed in sound, and that the acoustic fingerprint of the room was maintained at the highest level 
of quality throughout the entire dynamic range, from the pp to the ff. Some musicians with vast 
international experience compared the quality of the main floor with the stalls in some of the best 
shoe-box auditoriums–Boston Symphony Hall and Vienna Musikverein were mentioned. This was 
quite unexpected, since in the Italian horseshoe halls, the highest acoustic quality is usually found at 
the upper levels, not in the stalls. The following section will focus principally on the main floor.  

The signal in Figure 1 shows the impulse response at a seat near the centre of the main floor.  
 

 
 

Figure 1 – The first 250 ms of the binaural impulse response measured at a seat near the centre of the main 

floor 

It can be seen that there is a very rich texture after the first significant reflection, which arrives 21 
ms after the direct sound. Further analysis shows that the signal has a lot of early lateral energy 
arriving from angles of 15º to 80º in the horizontal plane and of 10º to 50º in the vertical plane, given 
a polar system with its origin in the line of sight of an observer faced to the stage. This kind of 
acoustical field is shared quite well by almost the totality of the seats on the main floor (4).  
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3.1 Architectural origins of the lateral reflections on the main floor 
The first geometrical feature that stands out is the shape of the horseshoe plan view, which is 

slightly different from those of other Italian opera theatres. Figure 2 shows that its proportion is 
somewhat oblong in the longitudinal axis, and the first section of the horseshoe, near the stage, is near 
rectilinear with an angle of divergence of about 9º, which is quite small. This shape produces a lot of 
lateral early reflections that cover a big area of the main floor, in a way similar to that of a shoebox 
type auditorium.  

 
Figure 2 – Horseshoes plan views of some opera theatres: Teatro alla Scala/Milan (magenta), Royal Opera 

House/London (blue), Staatsoper/Vienna (green), Opera Garnier/Paris (light blue) and Teatro Colón (red). 

After (5) 

The rear part of the horseshoe of the Teatro Colón is comparable to a traditional horseshoe and 
allows even distribution of the energy to the audience on the back area of the main floor. The 
combination of the two parts of the plan view, the first with its shoebox type behaviour and the second 
with its horseshoe contour, seem to generate the even distribution of the acoustic energy on the main 
floor that was evidenced in the measurements. 

The shape of the plan view does not produce by itself the reflections towards the audience on the 
main floor. It is necessary that the energy reaches a surface capable of reflecting it back to this area.  
The main origin of the strong lateral reflections that have been measured is, clearly, the dihedral angle 
created at the encounter of the rear wall and the ceiling of the boxes that surround the stalls.  The 
height of the balconies in the Teatro Colón is particularly effective in that sense, because there is a lot 
of free space in the boxes above the heads of the audience that allows the energy to return unobstructed 
to the stalls. As an example, Figure 3 shows a comparison of the longitudinal section of the Teatro 
Colón and the Teatro alla Scala in Milan, Italy. The two theatres have the same number of levels, but 
the Teatro Colón has a greater height (approximately 30% higher). The energy returns clearly to the 
main floor in the case of the Teatro Colón, whereas in other examples much of it is trapped and 
absorbed by the public, the curtains and the carpets present inside the boxes (4). 

 
(a)       (b) 

Figure 3 – Longitudinal section of the Teatro Colón (a) and the Teatro alla Scala of Milan (b). After (4) 

Even with boxes of a considerable height, the energy could be confined inside them if they were 
too deep. In the case of the Teatro Colón, this does not happen as the boxes near the stage have rear 
walls that are very close to the front, allowing space for only two rows of seats (Figure 4). This pattern 
is repeated on almost all the levels of balconies. 
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Figure 4 – Boxes of the first level near the stage. The free path for the reflections from the wall/ceiling 

encounter can be easily seen 

As an example of the efficiency of the three mentioned factors when they are combined, Figure 
5 shows the origin of some strong lateral reflections in one seat on the main floor when a sound source 
is located on the stage.  

 

Figure 5 – Main lateral reflections at the same seat on the main floor coming unobstructed from the 

dihedral angles wall/ceiling at three balconies levels. After (4) 

Those reflections have a broadband spectrum and the sound arrives at the main floor from almost 
ideal angles, well above the critical angle needed to avoid the seat-dip effect. Their delay and intensity 
are well within the Haas effect limit. The perceptual field is, therefore, very enveloping and, at the 
same time, the localization of the sound sources on the stage is clear and the timbre of each instrument 
is well preserved. These characteristics are like those that can be found in the best shoebox-type 
auditoriums. 

3.2 Acoustic field at the upper levels 
At the upper levels the situation is completely different. The acoustic field is formed by the global 

acoustics of the hall, defined by the values of Reverberation Time TR, Bass Ratio BR or Strength G 
at each position, and from the early reflections generated by the stage floor, by the surfaces that 
surround the proscenium arch, and by the surfaces near the box that is being considered –such as its 
own ceiling and rear wall. This behaviour will be described in the section dedicated to the hall as an 
opera theatre.  

4. THE TEATRO COLÓN AS AN OPERA THEATRE 
The Teatro Colón of Buenos Aires is mainly an opera theatre. Unlike auditoriums for symphonic 

music, in which the orchestra and the audience occupy the same architectural space, opera theatres 
have three different conjoined spaces, each with different acoustic functions: the stage tower, the area 
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for the audience and the orchestra pit. The importance of the voice in this genre is obvious, so the 
sound balance between the singers on the stage and the orchestra in the pit is considered one of the 
key factors that determine the acoustical quality of an opera theatre. Simplifying the subject, the 
singers need clarity, intelligibility and timbre preservation, whereas the orchestra requires 
reverberation and spatial impression (6). The singers are at a disadvantage with respect to the orchestra, 
both in terms of their number and the power of the sound they produce, but these disadvantages can 
be mitigated by two concurrent factors: the nature of the sung voice, trained in the western operatic 
tradition, and the acoustics of the theatre. The singer can be heard over the orchestra in the frequency 
region of the so-called "singing formant", a fifth formant that usually lies in the frequency range of 
2000-3000 Hz. In this spectral region, the singers’ voice can overcome the sound of an orchestra and 
can be heard clearly (7, 8). There is another feature that contributes to the audibility of the singers: 
their position on the stage from where the sound projection reaches the listeners without obstacles. 
The orchestra, on the other hand, is located in the pit, a space acoustical ly separated from the area 
occupied by the audience (9). There are two additional factors: one is the complex dispersion of the 
audience in a traditional opera theatre, with listeners located in the stalls and in boxes at different 
heights. The other is the changing nature of the opera sets, with different scenery and constant changes 
in the location of the opera singers. This complexity of variables makes the task of finding average or 
global balance values unrealistic: the low acoustic homogeneity of such theatres forces us to study the 
balance of each source-receiver pair and try to obtain valid averages by audience zones alone.  

4.1 Singer-orchestra balance 
One of the problems in trying to characterize the balance is that it is not standardized. It does not 

appear, for example, among the parameters defined by the ISO-3382 standard. Nor are the 
measurement conditions stipulated. As we will see, the scenography and the location of the singer on 
stage could substantially modify the values of balance obtained. From all the existing definitions, we 
found it most appropriate to apply those of John O'Keefe and Nicola Prodi in the case of the Teatro 
Colón. O’Keefe suggested putting a directional sound source on stage and an omni-directional sound 
source in the pit (9, 10). In the Prodi proposal the Balance coincides with the difference in G values 
from stage and pit when both sources are omnidirectional and has the advantage of not needing the 
power equalization between the sources. In the case of the Teatro Colón, a complete set  of GSTAGE and 
GPIT measurements in the main floor and from several locations in the upper levels were available. 
The Strength was measured on the main floor with omnidirectional sources located in the pit and on 
the proscenium, with the textile curtain in position. Most of the data of B obtained falls within the 
average limits advised by the specialized literature. Some authors suggested the range from -2 dB to 
+4 dB (9, 11), while others go up as high as +7 dB (10). The spectral distribution of the balance is as 
important as the value of B. Figure 6 shows that the stage/pit balance in the main floor reaches its 
maximum in the region of the singers’ formant, even in the seats in the stalls furthest away from the 
stage (6).  

 

 
Figure 6 – Spectral characteristics of the balance on the main floor. Pla1 to Pla7 are seats on the main floor. 
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In order to identify the origin of the described acoustical behaviour, the digital model was used  
to replicate the values obtained in the measurements with two omnidirectional sources and the textile 
curtain. These balance values could be suitable reproduced from 500 Hz, while for values below 200 
Hz the simulation proved ineffective because of its inability to solve the phenomena related to wave 
acoustics (i.e. diffraction and seat-dip effect). A characteristic stage set-up of an opera was simulated, 
with materials with an absorption between 10% and 30% in the mentioned frequency range. With an 
omnidirectional source in the pit there is no direct sound coming from the pit on the main floor, as 
can be seen in Figure 7. The first discrete reflections arrive 50 ms after the emission, later than the 
diffuse reflections. 

 
(a)       (b) 

Figure 7 – Major early reflections on the main floor from an omnidirectional source in the pit. (a) 

Reflectogram; (b) origin of the reflections. After (6) 

With a directional source on the stage the sound of the singers benefits from the specific 
architecture of the Teatro Colón, as in a symphonic concert with the orchestra on stage as shown in 
Section 4. Figure 8 a shows the simulated impulse response at a seat near the centre of the main floor. 
We can see that the first significant reflection arrives 21 ms after the direct sound (5). 

 

 

(a)       (b) 

Figure 8 – Early reflections on the main floor from a directional source on the stage. (a) Reflectogram; (b) 

origin of the reflections. After (6) 

The ability to hear the voice on the stalls is supported by the direct sound and its first reflections, 
which arrive much earlier than the reflections coming from the pit. This feature, added to the spectral 
reinforcement of the zone of the singers’ formant, explains in part the good balance that the audience 
has on the main floor. However, if the source is placed well inside the stage (12 m from the 
proscenium) and the scenery is very absorbent, the balance is drastically reduced, falling below the 
recommended values (6). 

Contrary to in the stalls, at the upper levels there is a direct line of sight to instruments in the 
orchestra in the pit. In the stalls, the sound of the orchestra is attenuated by the barrier effect of the 
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pit and the fence between the pit and the audience. Due to the diffraction and the excellent low 
frequency diffusion provided by the lateral boxes and the sides of the proscenium, this attenuation 
affects the low frequencies less. At the upper levels, this barrier disappears and the sounds of medium 
and high frequency grow at relative values. The digital simulation shows that, although the balance at 
higher levels loses part of the spectral advantage that the theatre has in terms of the stalls, this change 
is compensated for by the emergence of the powerful reflection of the singers' voices on the stage 
floor. This reflection is useful only for the voices and is almost non-existent for the audience on the 
main floor. This fact, plus the appearance of early reflections from the ceiling, allows the balance to 
be maintained within appropriate values at the upper levels. The contribution to the balance of the 
reflection on the stage floor is very important. If a carpet is used, the balance is reduced by an average 
of 2 dB. At the upper levels, the influence of the stage set-up is less pronounced than on the main 
floor when the singers are located well inside the stage box.  

5. DISCUSSION 
The aforementioned measurements and digital simulations of the main floor of the Teatro Colón 

show an acoustic field with a large amount of non-frontal energy, in which a dense structure of early 
lateral reflections appears behind the first significant reflection. These reflections fall  well within the 
Haas limit, minimising echoes and colorations and, at the same time, increasing the perceived 
spatiality. From the answers obtained in the surveys on acoustic quality it is known that the sound in 
the Teatro Colón is very immersive and that it has a strong sound presence. It is interesting to point 
out that these characteristics are found in both uses of the hall, as an opera theatre and as an auditorium 
for symphonic music. In some sense, the theatre seems to behave acoustically as a double hall, as if 
it were a combination of an Italian horseshoe opera house and a shoebox-shaped auditorium.  

The question that arises is: are the usual physical characteristics sufficient in describing the sound 
perceived by the audience? In a first attempt to answer this question, some descriptors defined by 
ISO-3382 standard were applied, such as the LF or the IACC, but these parameters do not take into 
account the specific time, level and direction of arrival of each individual reflection, and therefore 
they could not explain an acoustic field in which, seemingly, these features were critical. In a second 
attempt, some objective theories and methods were used in order to predict the acoustical quality of 
halls for music, among them Beranek’s AQI. This method did not explain the quality, however, with 
the best seats of one of the best halls for music obtaining only average ratings (12).  

Nevertheless, a series of conjectures has been developed that could explain, at least qualitatively, 
the relationship between the existence of powerful early lateral reflections and the acoustic fields of 
halls such as the Teatro Colón. Among them, is an early work by Rüdiger Wettschurek who, in his 
PhD Thesis, pointed out the differential perception of lateral energy at different sound levels. In his 
own words, a musical crescendo was as a kind of “awakening” of the room through the increasing of 
the subjective room presence–(13), cited from (14). 

More recently some authors, including Tapio Lokki, Jukka Pätynen and Eckhard Kahle, among 
others, have pointed out the importance of the strong lateral reflections in order to obtain a very 
immersive, enveloping acoustical field. They sustain that the presence of this kind of reflections 
increases the subjective dynamic spatial responsiveness [26, 27], the enveloping sensation and the 
presence of the sound (15, 16). Furthermore, these strong lateral reflections increase the emotional 
impact of the music and make the acoustics of auditoriums more engaging (16, 17). 

Another notion put forward is the amount and nature of the diffusion needed inside a hall: too 
much diffusion would preclude the necessary reflections required in order to achieve an immersive 
acoustic field but, conversely, an insufficient or misplaced diffusion would prevent the homogeneous 
distribution of the acoustic energy. According to Kahle, some halls that lack quality do so as a result 
of having excessive diffusion (18). In this sense, the Teatro Colón seems to have a proper balance 
among reflective, diffusive and absorptive surfaces.   

6. CONCLUSIONS 
The Teatro Colón seems to behave like a double hall, with some features typical of opera theatre 

and others of an auditorium for symphonic music. As an auditorium for symphonic music it seems to 
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perform, on the main floor, like a combination of a shoebox-shaped hall and a horseshoe theatre. At 
upper levels it behaves like a traditional Italian horseshoe hall (4). As an opera house, the Teatro Colón 
combines two complementary situations: on the main floor, the voices of the singers are accompanied 
by a large number of early lateral reflections that, combined with the masking of the sound that comes 
from the pit, reinforce them in the singer's formant region. At the upper levels this spectral advantage 
disappears but is compensated for by the arrival of powerful reflections from the stage floor and the 
ceiling (6). 

The theories that emphasize the importance of strong lateral reflexions not only coincide with 
the physical acoustic field observed in the Teatro Colón and with the subjective reactions it produces, 
but also help to understand some of its architectural characteristics. However, up to now the physical 
descriptors used in those new theories are mainly qualitative, so we need to develop some quantitative 
descriptors to analyze existing spaces and design new ones. The main goal is to find a new set of 
objective parameters that properly describe the acoustic fingerprint of a hall for music.  
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ABSTRACT 
The acoustical quality of a medium size (6200 m3 volume, 880 seats) shoebox shaped symphonic concert hall, 
renowned for its acoustics and protected by the cultural heritage law, was evaluated by the measurement of 
acoustic parameters (EN-ISO 3382-1:2009) and by auditory assessment of sound with the use of survey 
questionnaires which required from the respondents to judge various attributes of sound and comment on 
their experience with the hall. The judgments were obtained from the conductor, the soloists, orchestra 
members, choir singers, recording engineers, and from the audience. The hall’s acoustics received generally 
high ratings from the audience. Orchestral musicians highly estimated the audibility of one’s own instrument 
and other instruments in the orchestra. Choir singers judged the audibility of other voices in the choir as 
satisfactory. The conductor assessed the overall sound quality as good, but also pointed at insufficient fusion 
of sound across the orchestral instrumental groups. Sound engineers judged the hall’s acoustics as very good 
for recording of chamber music and small orchestras, but not for very large ensembles. An attempt is made in 
this paper to relate the results of auditory judgments of the hall’s acoustics to its measured acoustic parameters. 
 
Keywords: Room acoustics, Subjective assessment, Sound quality 

1. INTRODUCTION 
The building of the Ignacy Jan Paderewski Pomeranian Philharmonic in Bydgoszcz, Poland, was 

erected in 1950s and the orchestra began regular activity in the new venue in 1958. The concert hall of 
the Philharmonic is considered an exemplar of superior acoustics for symphonic music, chamber 
music and solo recitals, as well as for sound recording. Currently the philharmonic building needs 
comprehensive modernization after over 60 years of use. To keep a detailed documentation of the 
concert hall’s acoustics for the future a comprehensive study was undertaken, including acoustic 
measurements, auditory sound quality assessment, and a survey questionnaire on the hall’s acoustics 
conducted among musicians and recording engineers. The study also included an acoustical inventory 
and numerical modeling of the hall and documentary recording of symphony concerts. The purpose of 
the study was to create detailed, comprehensive documentation of the hall that would help in the 
renovation and serve as reference for the evaluation of the results of the renovation project. This paper 
presents the results of the study and discusses the relation of auditory judgments of the hall’s acoustics 
to the measured room acoustic parameters. 

                                                        
1 tadeusz.fidecki@gmail.com 
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2. GENERAL CHARACTERISTICS OF THE CONCERT HALL 
The building of the Ignacy Jan Paderewski Pomeranian Philharmonic houses a symphonic concert 

hall (6200 m3 volume) and a chamber hall (890 m3 volume). The concert hall is situated above the 
chamber hall in the building . A side view and a floorplan of the concert hall are shown in Figure 1.  

 

 

 

Figure 1 – A cross-section, a floorplan, and a scan image of the Pomeranian Philharmonic concert hall 
 
The main specifications of the concert hall are as follows: capacity: 886 seats, volume: 6200 m3, 

volume per seat: 7 m3, floor area: 675 m2, stage area: 163 m2, hall length: 36 m, width: 21 m, maximum 
height: 12 m. The hall has a shoebox shape with the exception of a sloped floor in the audience area. 
The ceiling is tilted above the stage and lowered to about 7 m in the rear to reflect sound to the 
audience and provide good acoustic conditions for communication between musicians on the stage.  

2.1 Materials 
The hall’s iterior (walls) is entirely covered with wood. The wall covering is made of deeply 

profiled wood panels (Figure 2, bottom part), wave-shaped profiled wood boards (Figure 2, wall on the 
left), and flat perforated panels. 

 

 
Figure 2 – A cross-section of profiled wood panels and wave-shaped panels covering the bottom part of the 

hall’s side walls 
Profiled panels, arranged at a distance of 35 mm from the layer of bricks, cover the lower parts of 

the side walls in the audience area and the bottom part of the back wall. The higher parts of the side 
walls are covered with flat panels. On the back wall, flat panels alternate with flat perforated panels 
arranged at a distance of 105 mm from the brick layer, some slightly tilted. The profiled wood panels 
(Figure 2, bottom) provide side-wall scattering of high-frequency sound in the audience area. 
Wave-shaped board panels (Figure 2, left) are predominant on the stage side walls. An important part 
of the stage back wall is the organ prospect strongly dumping the sound at mid frequencies (1 kHz). 
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Other acoustic elements include: (1) a reflecting ceiling covered with a 20-mm gypsum face set on 
a net attached to 20-mm slabs above the stage; (2) the ceiling above the audience area, 3 m wide, 
shaped in shallow contra tooth like surfaces, (3) wooden floor laid on a 50-mm concrete layer; (4) 
armrest chairs with medium thickness cushions in the seating area. An almost entirely wooden 
coverage of the interior surfaces results in relatively short reverberation time at 63- and 125-Hz 
frequencies and provides even sound decay throughout the audience area.  

3. ACOUSTIC MEASUREMENTS AND NUMERICAL SIMULATIONS 

3.1 Measurement setup and procedure  
Most of the acoustic measurements were carried out in compliance with the EN-ISO 3382-1 

standard [1] and consisted in recording of impulse responses from which the basic parameters and 
indexes were calculated. In addition to that, the Interaural Cross Correlation, IACC, was also assessed. 
The measurement setup included a Brüel & Kjaer 4292-L dodecahedron loudspeaker, a RME Fireface 
UC interface, two Microtech Gefell MK250 condenser microphones, a Dell XPS M1330 notebook 
with DIRAC Room Acoustic Software 7841, and a Brüel & Kjaer 2250 sound level meter. IACC was 
calculated from binaural recordings made with a Neumann KU100 dummy head. 

The measurements were conducted both in an empty hall and during concerts, with 50 orchestra 
musicians and either 50 or over 80 choir singers on the stage, and fully occupied audience area. The 
measurements in an occupied hall were performed just before the concert with the consent of the 
conductor, the musicians, and the audience. The Brüel & Kjaer 4292-L sound source was placed among 
the musicians, close to the median of the stage, at a distance of about 1.5 m from the edge of the stage, 
approximately at the place intended for a concert soloist. The two measurement microphones were 
placed in two locations on the stage, among musicians, and moved from one place to another along the 
left and right aisles (see Figure 1) in the audience area. Eight placements in the audience area were 
used, with gradually increasing four distances from the stage, ranging from 1.5 m in the first seat row to 
19.5 m in the 21st row. In an unoccupied hall 2–7 sound source placements were used, depending on 
the parameter measured. For IACC recordings the dummy head was placed in 10 locations, five along 
the room median axis and five on the right side of the hall.  

3.2 Results 
The main results of the measurements are shown in Figure 3 and Tables 1 and 2. It is apparent in 

Figure 3ab that the frequency characteristics of reverberation time, RT, and early decay time, EDT, 
have a bow-like shape with a maximum in a range of 500–1000 Hz. The average RT, measured in the 
audience area, is 2.1 s in an empty hall and 1.8 s in an occupied hall (Table 1) and the respective EDT 
values are 1.9 and 1.5 s. These data indicate that the room reverberation decreases by about 15% 
during concerts in a fully occupied hall. The difference in reverberation time between an empty and an 
occupied hall is not larger than typically encountered in concert halls but is still audible, as it exceeds 
the auditory discrimination threshold for reverberation time [2]. It also should be noted that the RT and 
EDT values are similar across the measurement points in the hall. The average sound strength 
parameter, G (Figure 3c, Table 2) is about 4 dB, except for an increase to 9 dB at 125 Hz. This increase 
in sound strength provides good bass support in the hall. In general, all basic acoustic parameters are 
within a range recommended for a concert hall of such a size: T30=1.7 ÷ 2.2 s, EDT = 1.4 ÷ 2.0 s, C80= 
–3 ÷ +3 dB, C50 = –1 ÷ +3 dB. The stage support parameters, STEarly and STLate (Table 2), indicate good 
acoustical conditions for communication between musicians on the stage and for communication 
between the conductor and musicians. 

Initial time delay gap, ITGD, shown in Figure 3d, was measured for six microphone distances from 
the stage in the audience area and seven placements of the sound source on the stage, covering the 
entire stage depth in 1.5 m steps. As expected, the largest ITDG values of 40 ms were obtained at a 
short distance with the sound source located close to the stage edge and the microphone placed in the 
first seat row (1.5 m from the stage) and the fifth row (4.5 m from the stage). The ITDG decreased to 
10 ms either with sound source moved to the rear of the stage or the microphone placed at the end of 
the audience area (row 23). The ITDG, averaged over the microphone placements in the audience area, 
decreased from 27 to 12 ms when the sound source was moved from the front to the rear of the stage.  

IACC (Table 2) indicates good sound quality in the hall as the average initial IACC0-80 is about 0.4 
and late IACC80+ is below 0.2. The listener envelopment parameter, LEV, is 1.4 dB and the degree of 
source broadening parameter, DSB, is 27 dB. These values indicate good spatial perception in the hall. 
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 a)  b)  

c)  d)  

Figure 3 – a) Reverberation time T30, b) EDT on the stage and in the audience area in an occupied and in an 

empty hall, c) sound strength G80 in the middle and in the side (close to the side wall), d) ITDG determined 

for various placements of the sound source on the stage and various distances of the microphone in the 

audience area 

 

Table 1 – Reverberation time (T30), early decay time (EDT), clarity (C80), speech clarity (C50) 

 Average  Front-back change  Numerical 

 Stage Audience area  Audience area  model 

Parameter Unoccup. Occup. Unoccup. Occup.  Unoccup. Occup.   

T30, s 2.1 1.7 2.1 1.8  2.0 ÷ 2.1 1.7 ÷ 1.8  1.9 

EDT, s 2.2 1.5 1.9 1.5  2.2 ÷ 1.8 1.7 ÷ 1.4  1.8 

C80, dB 7.3 − 0.2 −  1.5 ÷ -1.5 1.5 ÷ -0.6  –0.8 

C50, dB 3.0 5.5 –2.8 –2.6  -0.8 ÷ –4 –1.2 ÷ –4.8  –4.3 

STI 0.62 0.74 0.51 0.53  − −  0.49 
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Table 2 – IACC0-80 (Early) and IACC80+ (Late), sound strength G, and stage support ST 

 Average  Front-back change in audience 

area 

 Numerical  

Parameter Middle Side  Middle Side  model 

IACC0-80, ms 0.50 0.33  0.70 ÷ 0.36 0.42 ÷ 0.26  − 

IACC80+, ms 0.18 0.12  0.20 ÷ 0.15 0.12 ÷ 0.11  − 

Gtotal, dB 7.5 6.5  8 ÷ 6 8 ÷ 6  8.7 

G0-80, dB 4.4 3.2  6 ÷ 2 6 ÷ 1  − 

G80+, dB  5.5 3.8  7 ÷ 3 5 ÷ 3  − 

STEarly, dB –12.9  −  − 

STLate, dB –14.3  −  − 

3.3 Numerical simulations 
A numerical model of the hall was created, based on laser scanning of the hall interior (Leica P20 

scanner, tachimeter TS09 R1000). The raw data were exported to a CAD environment to create a 
computer model consisting of 795 planes subdivided into 16 groups with assigned absorption 
coefficients. The modeling was done with the use of AURA/EASE 4.4 software.  

In the model’s development a difficulty arose due to the lack of sufficient data on the absorption 
coefficients of certain surfaces in the hall. There was no proper documentation from the time when the 
hall was being built and the various wood panels were differently and deeply profiled (see Figure 3c), 
and differently separated from the brick walls. This prevented the use of catalogue absorption 
coefficient values in the model so it was decided to perform in situ measurements of absorption 
coefficients with the use of a Microflown Technologies sound absorption probe. Sound absorption 
coefficient, α, was measured for all surfaces included in the numerical model, i.e., the profiled wood 
panels on the stage and on the audience area side walls, perforated and unperforated panels in the 
upper parts of the walls, the ceiling above the stage and the audience area, the floors, chairs, doors, and 
the organ prospect. The measurements were made at a given point or – in the case of profiled wood 
panels and the organ prospect – by scanning the surface during an assumed averaging time (15 s).  

The sound absorption probe tends to overestimate the absorption coefficient if the probe is not 
placed close enough to the measured surface, which made the measurements of profiled panels 
difficult. A comparison of measured parameters (Table 1 and 2) and the outcome from the numerical 
model showed that the results of in situ measurement of sound absorption were overestimated by about 
25%. Thus, the final modeling was performed with all absorption coefficients reduced to 80% of their 
measured values. Reduction of the coefficients also depended on the frequency band and ranged from 
0.69 to 1.00, respectively, at 125 and 4000 Hz. 

As an output of numerical modeling reverberation time T30, EDT, clarity C50 and C80 indexes, STI, 
and sound strength G were calculated. These data are shown in Figure 3 and in Tables 1 and 2. Overall, 
it should be noted that the in situ measurement of sound absorption resulted in good agreement of the 
simulations with the measurements of room acoustic parameters. 

4. AUDITORY ASSESSMENT 

4.1 Questionnaires of orchestra and choir members 
Subjective assessment of various aspects of the concert hall sound quality included questionnaires 

given to orchestra and choir members and interviews conducted with choir and orchestra conductors, 
soloists and sound engineers who had experience in music recording in the hall. The questionnaires 
were intended to collect opinions regarding the audibility and quality of sound during rehearsals and 
concerts and the comfort of performing music in the hall. Separate question categories were prepared 
in the questionnaires for orchestra and choir members, due to the specificity of their work.  

The questionnaire survey was conducted during two concerts among 51 orchestra members and 58 
choir members (concert 1), and 50 orchestra members and 82 choir members (concert 2). In total, 241 
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questionnaire forms were collected from the musicians. During those concerts acoustic measurements 
of the hall, described in section 3, were also conducted.  

The questionnaire for orchestra members included questions concerned with various aspects of 
their work on the stage and general questions about the hall. Two questions given to orchestra members 
were about the sound of their own instrument: (1) audibility of the sound and (2) sound clarity. Further 
questions were about (3) the audibility of instruments of own section and (4) audibility and (5) clarity 
of other instrumental sections. There also was a question about (6) the sound projection range of the 
respondent’s instrument and (7) the intelligibility of the conductor’s voice . 

The choir members were questioned about the sound of their own voice, its (1) audibility, (2) clarity, 
and (3) ease of voice emission. The remaining questions were about (4) audibility of other choir 
members from the same section and (5) audibility of other choir sections, (6) fusion of the choir sound, 
(7) audibility of the orchestra and (8) intelligibility of the conductor’s voice.  

The surveyed musicians responded by selecting one of three rating categories: poor, average, and 
good. Table 3 presents the percentage of responses assigned to each of the categories and a numerical 
index representing a weighted average, with weights of ‘0’ for poor, ‘0.5’ for average, and ‘1’ for good 
category. The index shows the group result of rating on a scale from 0 to 1; an index value greater than 
0.5 means that a given aspect of sound was positively evaluated by the respondents.  

The questions about the hall quality were about (1) comfort of ensemble playing in the orchestra or 
comfort of singing with the orchestra (2) overall sound quality on the stage, (3) overall sound quality 
in the concert hall. In this group of questions a five-category rating scale was used, extending from 
very bad to very good. Table 4 presents the percentage of responses assigned to each category. Similarly 
as in Table 3, an index representing the weighted average was calculated, with weights ‘0’ for ‘very 
bad’ and ‘1’ for ‘very good’. The index represents the average rating on a scale ranging from 0 to 1. 

Table 3 – Percent distribution across rating categories obtained from orchestra members and choir members 

in the evaluation of sound in the concert hall. Rating categories: poor, satisfactory, good.  

 Orchestra members   Choir members 

Response 
category 

Poor Satisf. Good  Index*  Response 
category 

Poor Satisf. Good  Index 

% % %  0 ÷ 1  % % %  0 ÷ 1 

Sound of the respondent’s own instrument  Sound of the respondent’s own voice 

Audibility 3 25 72  .84  Audibility 2 29 69  .84 

Clarity 5 22 73  .85  Clarity 3 29 68  .82 

       Ease of voice 
emission 3 28 69  .84 

Sounds of other instruments in the orchestra  Voices of other choir members 
Audibility of 
-own section 6 56 38  .66  Audibility of 

-own group 9 48 43  .67 

-other 
sections 6 52 42  .68  -other voice 

groups 23 55 22  .49 

Clarity -  
other sections 7 61 32  .63  Choir sound 

fusion 9 52 39  .65 

Other 
Sound 
projection 
range 

4 43 53  .75 
 Audibility of 

the orchestra 0 26 72  .87 

Intelligibility 
of 
conductor’s 
voice  

6 60 34  .64 
 Intelligibility 

of 
conductor’s 
voice 

3 54 43  .70 

*An index ranging from 0 (poor) to 1 (good), summarizing the responses, was calculated as a weighted average of ratings. 
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Table 4 – Percent distribution across rating categories obtained from orchestra members and choir members 

on the following scales: comfort of playing, quality of sound on the stage and overall concert hall quality. 

Response category 
Very 

bad (1) (2) (3) (4) Very 
good(5)  Index* 

% % % % %  0 ÷ 1 

Comfort of ensemble playing 

Orchestra 1 6 15 46 32  0.76 

Choir - 1 9 49 41  0.83 

All - 3 11 48 38  0.80 

Stage sound quality 

Orchestra - - 8 27 65  0.89 

Choir - - 5 49 46  0.85 

All - - 6 41 53  0.87 

Hall sound quality 

Orchestra - 1 7 28 64  0.88 

Choir - 1 6 50 43  0.84 

All - 1 7 41 51  0.86 
*An index ranging from 0 (very bad) to 1 (very good), providing a summary 
of responses, was calculated as weighted average of ratings 

The results compiled in Table 3 show that musicians generally approved the acoustics of the concert 
hall. Almost 75% of orchestra members rated the audibility and clarity of own instrument as “good”. 
Audibility of instruments in the own and in other sections, as well as the clarity of sound of other 
instrument sections were judged as satisfactory or good. The corresponding weighted average index 
values were high: 0.69 for the sound of own instrument and 0.6÷0.7 for other instruments. The 
musicians were also satisfied with the sound projection range (index = 0.75) but less so with the 
intelligibility of conductor’s voice, judged as only satisfactory. This result is in good agreement with 
the measured values of STI index on stage: 0.62 in an empty and 0.74 in an occupied hall. 

The responses of choir members were similar to those of orchestra members and indicated high 
acceptance of the quality of own voice, neighboring singers’ voices, and the overall sound of the choir 
(category ‘choir sound fusion’). The lowest rating was given to the audibility of other voice groups in 
the choir (index = 0.49), but still at a satisfactory level. It should be noted, that the evaluated concert 
hall was the home hall of the orchestra therefore the musicians were very well familiar with its 
acoustics. Both choirs performed as guest ensembles in the hall and had much less experience with the 
hall’s acoustics. 

All musicians positively assessed the comfort of playing in the hall, and quality of sound on the 
stage as well as sound in the hall as a whole. The data in Table 4 show that over 90% of ratings of stage 
and hall sound quality fall into categories (4) and (5), labeled ‘very good’. The comfort of ensemble 
playing was rated (4) and (5) in 78% cases, which is slightly less, but still very good. This could be 
related to relatively small stage area of this hall to accommodate over 130 musicians .  

4.2 Comments of conductors, a soloist, and sound engineers 
Comments were obtained from three orchestra conductors, two choir conductors and a soloist ( a 

woman who sung in Mozart’s Requiem). All those persons generally highly valued the hall, yet they 
had specific remarks regarding some deficiencies. The stage was judged as providing good sound 
quality at the place occupied by the conductor, however, with some complains about the lack of 
sufficient fusion of instrument sounds, especially in very large ensembles for which the hall is 
somewhat too small. A good feature of the acoustics in the stage area is easy communication of the 
conductor with the soloist and orchestral musicians. The hall provides good sound balance between the  
orchestra and the choir. However, some instrumental groups do not hear each other well enough which 
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makes it difficult to synchronize the sounds of the instruments and this also applies to remotely located 
singers in large choirs. The hall is demanding for a solo singer who must, to a large extent, rely on 
his/her singing technique and receives moderate acoustical support from the room. The choir is well 
supported by the hall’s acoustics when the ensemble is not too large and fits in the area close to the 
center of the stage. 

Regardless of certain performance difficulties, the sound is precise in the concert hall. On the other 
hand, it is not easy to play in the hall as it does not mask performance imperfections. The timbre of 
reverberant sound is correct. An important feature of the hall is that the difference between the 
acoustics of an empty and a filled hall is very small. Regardless of the detailed, somewhat criticizing 
comments, the overall sound quality was judged high and comparable to major concert halls in Europe.  

Comments were also gathered from 11 sound engineers who used to work in the concert hall, at 
present or in the past. They emphasized that the hall is very well suited to the needs of music recording. 
For instance, the hall acoustics allows to use omnidirectional microphones placed at large distances 
from the sound source and microphone placement is easy in the hall. The hall is best for chamber and 
other relatively small ensembles and also very good for recording of works for piano and an orchestra. 
The intimacy of the hall’s sound is audible in the recordings. The hall has a good ratio of direct to 
reverberated sound and the reverberation time is proper for music recording. Despite of several 
specific critical remarks, the hall is unique in many aspects and very friendly for music recording. 

5. FINAL REMARKS  
Measurements done in the Pomeranian Philharmonic concert hall showed that it was possible to 

expect good acoustical conditions of the hall. Basic parameters such as reverberation time T 30, EDT, 
clarity C50/80, stage support ST and strength G assumed values correct for music performances in the 
hall of this volume. Binaural parameters (IACC and derived from it LEV and DSB) also predicted 
good hall quality. Results of measurements were at large confirmed by subjective quality assessment 
done by performers, conductors, sound engineers, and persons from the audience.  
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ABSTRACT 

St. Roque Church, Tollecantto, Goa originally a Chapel was built in 1883. The conservation of the church 

edifice is in progress. Preservation of existing worship ambience is essential in any conservative 

rehabilitation of a heritage church. It is crucial to have correct reverberation time in the church so as to allow 

a simultaneous optimization of the worship space for speech and music. In this design, Reverberation Time 

(RT60) of a sound signal inside the conserved church is established as a conservation reference parameter. 

Ideal Reverberation Time (RT60) for St Roque church was calculated and found to be 1.33 s.  Impulse 

Response Tests were conducted in the church for three different source positions (original High Altar; 

Existing Altar; Proposed altar) with recordings done at ten locations. Almost all the recording locations have 

recorded a RT60 value of 1.4s. Therefore, the value of measured RT60 = 1.4s is established as a reference 

yardstick to monitor the rehabilitative expansion of the church to accomodate another 150 faithful in the 

worship space. 

 

Keywords: Acoustical conservation, Church, Reverberation Time 

1. INTRODUCTION 

St. Roque church, Tollecanto, Goa (São Roque Igreja' in Portuguese) was originally a chapel affiliated 

to St Francis Xavier Parish church, Velim. The chapel was built in 1883 and erected on June 18, 1885. This 

typical diminuted sanctuary village church of Goa shown in Figure 1, has a modest structure comprising of 

three bays and three storeys in Rococo Neo-Roman design (1,2). The nave acoustically couples with a 

diminuted sanctuary in the east and opens up to the congregation in the west through a coupled narthex on 

which seats an acoustically coupled choirloft. The gilded and gold platted Retable and side altars reveal 

some shades of neo-Gothic of the late nineteenth century. 
 

 
 

Figure 1 – The pre-conservation looks of the façade and worship space within St. Roque church. 

 

The contemporary need of accomodating more faithful in the church for liturgical celebrations 

prompted the stakeholders to look at options. One easy option was to build a new edifice or make 

                                                        
1
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lateral expansions into available circulation space around the church. However, a heritage church 

deserves a proper intervention that upholds the historicity and periodic aesthetics of the worship space 

(3). The intervention needs to be a defining moment for the faithful to celebrate restoration of their 

own faith experience (4). A holistic approach as such combines efforts to preserve the existing heritage 

character of the church while also exploring into the past to restore essential elements of the church 

heritage that have gone missing, with the present need for repairs and rehabilitation of the edifice. This 

study is part of a conservation plan presented as an alternative to rehabilitate the existing church for 

the present needs while conserving the character defining elements of this heritage church.  

Conserving the unique architectural style of the church is imperative while designing a longitudinal 

expansion within permissible dimensional ratios. 

2. METHODOLOGY 

Monaural measurements of acoustical impulse response were carried out in the empty St. Roque 

church, in accordance with ISO 3382 set of standards, for three sound source positions (S1: Retable 

High Altar, S2: Existing Altar in Sanctuary and S3: Proposed Altar location under sanctuary arch) and 

for ten characteristic receiver locations. However, only those recording locations situated inside the 

church per se, are considered in this study (S1, S2, S3 - in sanctuary, three locations in nave and one in 

narthex) as shown in Figure 2a. 
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Figure 2 – a) Existing Floor Plan of St. Roque church with marked locations of sound sources (S1, 

S2, S3) and recording locations (S1, S2, S3, 4, 5, 6, 7) 

          b) Floor plan of the Proposed expanded St. Roque church. 
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A passive loudspeaker with built-in powered mixer, Yamaha Stagepas 150 (Yamaha Corporation, 

Japan) was used. A directional speaker was used to simulate the real life situation in a church where a 

priest or lector or singer (human voice) is the sound source that emits energy into the worship space. 

The loudspeaker was set at an average height of a human person (160 cm) axially oriented towards the 

nave. Periodic Pink noise of 128k sampling length and 44100Hz sampling rate was used as the 

acoustical impulse released from the laptop based acoustical software ARTA version 1.9.2  

(ARTALABS, Croatia and ASIO Interface Technology by Steinberg Media Technologies GmBH) 

along with M-AUDIO 2 audio interface (M-Audio, USA)  and omnidirectional Behringer ECM8000 

measurement microphone (Behringer, Willichm Germany). The recording microphone was set at 160 

cm (average height of standing listeners).  

The optimum Reverberation time calculations (5,6) were done for the existing St. Roque church 

and compared with the measured values of RT60. The possibility of fixing a reference RT 60 value was 

explored while expanding the church to accomodate a larger congregation. The proposed expansion of 

the church, as shown in Figure 2b, was done in harmony with the existing bay width of the church and  

had to accomodate the reference reverberation criteria. The optimal location for the altar was 

identified from the cumulative spectral decay, RT60 spectral analysis of the possible sound sources, 

positional variance of Loudness and Speech Intelligibility (7) and multiregressions of RT60 with other 

monaural acoustical measures. The acoustical analysis was done using ARTA 1.9.2, Microsoft Excel 

2007 and Origin 6.1.  

3. RESULTS  

3.1 Cumulative spectral decay at multiple sources 

The cumulative spectral decay for the impulses released from sources S1, S2 and S3 is shown in 

Figure 3, Figure 4 and Figure 5 respectively. 

 

 
 

Figure 3 – The cumulative spectral decay at Source 1 (Retable altar location) in St. Roque church. 
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Figure 4 – The cumulative spectral decay at Source 2 (Present altar location) in St. Roque church. 

 

 

 

Figure 5 – The cumulative spectral decay at Source 3 (Proposed altar location) in St. Roque church. 

 

3.2 Optimum Reverberation Time in a church  

Using Sabine's formula for Reverberation time shown in Equation 1, 

 

(1) 

(where, RT60=Reverberation Time in seconds (s); V= volume of the church in cubic feet (ft
3
); S= 

surface area of the church in square feet (ft
2
); α = Average absorption coefficient of the church in sabine 

feet), and Knudsen and Harris' methods (5,6), optimum Reverberation time for St Roque church was 

calculated and found to be 1.33 seconds.  

 

3.3 Multi-source positional spectral variance of RT60  

The spectral variance of RT60 for S1, S2, and S3 at different recording positions in St. Roque 

church is shown in Figure 6, Figure 7 and Figure 8 respectively. 
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Figure 6 – Spectral variance for RT60 at Source 1 (Retable altar location) in St. Roque church. 

 

Figure 7 – Spectral variance for RT60 at Source 2 (Present altar location) in St. Roque church. 

 

 

Figure 8 – Spectral variance for RT60 at Source 3 (Proposed altar location) in St. Roque church. 
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3.4 Multi-source positional variance of Loudness and Speech Intelligibility 

 

The positional variance of Loudness (Leq) and Speech Intelligibility (RASTI) for sources S1, S2 

and S3 is shown in Figure 9. 

 

 
Figure 9 – Positional variance for Leq and RASTI in St. Roque church. 

a) Positional variance of Leq for Source 1  

b) Positional variance of Leq for Source 2 

c) Positional variance of Leq for Source 3 

e) Positional variance of RASTI for Source 1 

f) Positional variance of RASTI for Source 2 

g) Positional variance of RASTI for Source 3 

3.5 Multi-Regressions of RT60 with monaural acoustical measures 

The significant (p≤0.05) multi-regressions of RT60 with other monaural acoustical measures at 

different source locations are shown in Table 1. 
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Table 1 – Significant multiregressions of RT 60 with monaural acoustical measures 

Rec. Loc. PREDICTION EQUATION AT SOURCE 'S1' R
2
 p- value 

S1 RT60 = 2.99 - 0.39EDT + 0.05C80 - 0.04D50 + 0.001TS 0.96 0.004 

S2 RT60 = 1.18 + 0.70EDT - 0.02C80 - 0.004D50 + 0.009TS 0.97 0.01 

S3 RT60 = -2.30 + 1.33EDT+ 0.11C80 + 0.01D50 + 0.01TS 0.94 0.03 

Rec4 RT60 = 4.45 + 0.78EDT+ 0.18C80 - 0.06D50 - 0.015TS 0.98 0.007 

Rec6 RT60 = -0.76 + 2.13EDT + 0.29C80 - 0.03D50 + 0.001TS 0.98 0.006 

Rec7 RT60 = -0.12 + 1.42EDT + 0.07C80 - 0.01D50 - 0.002TS 0.998 0.02 

Rec. Loc. PREDICTION EQUATION AT SOURCE 'S2' R
2
 p- value 

S2 RT60 = 6.9 - 0.11EDT + 0.02C80 - 0.06D50 - 0.03TS 0.9 0.03 

S1 RT60 = -0.28 + 0.65EDT - 0.06C80 + 0.02D50 - 0.003TS 0.9 0.03 

Rec4 RT60 = -0.49 + 0.56EDT - 0.10C80 + 0.02D50 + 0.004TS 0.98 0.001 

Rec5 RT60 = 1.06 + 1.04EDT - 0.04C80 - 0.01D50 - 0.005TS 0.97 0.002 

Rec6 RT60 = 2.16 + 0.29EDT + 0.03C80 - 0.015D50 - 0.004TS 0.85 0.05 

Rec7 RT60 = 0.54 + 0.65EDT - 0.1C80 + 0.007D50 - 0.002TS 0.93 0.01 

Rec. Loc. PREDICTION EQUATION AT SOURCE 'S3' R
2
 p- value 

S1 RT60 = 0.76 + 1.11EDT - 0.04C80 + 0.0015D50 - 0.007TS 0.998 <0.0001 

S2 RT60 = 0.56 + 0.56EDT - 0.04C80 + 0.01D50 - 0.002TS 0.89 0.03 

Rec5 RT60 = 1.18 + 0.83EDT - 0.04C80 - 0.007D50 - 0.006TS 0.96 0.04 

Rec6 RT60 = 2.23 + 0.63EDT - 0.02C80 - 0.015D50 - 0.01TS 0.86 0.05 

Rec7 RT60 = 1.42 + 0.9EDT - 0.1C80 - 0.003D50 - 0.01TS 0.99 0.0006 
 

 

4. COMPARISON OF SOUND SOURCES IN ST. ROQUE CHURCH 

The cumulative spectral decay at the Retable High altar location (Source 'S1') indicates a follow up 

of small magnitude in the frequency range of 1kHz - 2kHz upto around 60-70 ms. This improves at the 

existing altar location (Source 'S2') whereas at the proposed altar location (Source 'S3') the follow up 

restricts to a window of 30-40 ms. This suggests more strength and intelligibility in the signal emitted 

from 'S2' (cf. Figures 3-5). 

At Source 'S1' impulse, RT60 showed assymetric higher values in the frequency bands of 63 Hz & 

125 Hz (ranging from 1.7s - 2.1s) at Recording location'5' (in the middle of the nave) while averaging 

1.29 seconds in the church. At Sources 'S2' and 'S3' impulses, RT60 showed a more uniform behaviour 

with the space responding a little more reverberantly, averaging 1.42 seconds in the church (for both 

the sources) Noteworthy observation is of the immediate frontal recording position 'S3' being the most 

reverberant (in most spectral bands) for Source 'S2' (cf. Figures 6-8). 

While the impulse response at the back of the nave and in the narthex is quieter (in terms of Leq) for 

impulses from sources 'S1' and 'S2', the sanctuary becomes quiet for the impulse from source 'S3' (cf. 

Figures 9 a-c). The impulse from the existing altar location (Source 'S2') elicits comparatively better 

speech intelligibility (in terms of RASTI) in the nave and the sanctuary averaging 0.57 in the church 

(cf. Figures 9 d-e). 

RT60 showed significant (p≤0.05) positive correlation with C80 and TS and showed significant 

negative correlation with EDT and D50 for source 'S1' recording at source point (S1). RT60 showed 

significant positive correlation with C80 and showed significant negative correlation with EDT, D50 

and TS for source 'S2' recording at source point (S2). However at source 'S3', RT60 could not be 

predicted significantly from the monaural acoustical measures recording at source point (S2) and at 

recording position '4' (front-nave space). RT60 did not regress significantly with the monaural 

acoustical measures also at source 'S1' for Recording position '5' (mid-nave space).  

5. CONCLUSIONS 

Looking at the cumulative spectral decay at each source and the spectral behavior and significant 
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multi-regressions of RT60 along with the wide band values of RASTI and Leq, the source 'S2' (existing 

altar location) seems to provide a better acoustical climate in the church in terms of good reverberance 

coupled with speech intelligibility and adequate loudness. Therefore, it is recommended to retain the 

altar location to its existing position. 

As the average value of measured RT60 inside the church across all the sources was found to be 

1.38 s, the conservative expansion of the church was monitored to keep the calculated reverberation 

inside the church within 1.40 seconds. The optimum reverberation time calculations (5, 6) for the  

proposed plan infact provides a RT60 value of 1.38 seconds. In this conservative plan, the width of the 

church (9.1m) is retained; importing the existing roof style of the sanctuary, the flat wood panelled 

false roofing of the nave at a height of 6.8m is changed into a trapezoidal wood panelled vault 

beginning at a height of 6.8m (on the eves) from the cornice level merging into a flat wood panelled 

plain/coffered roof at a maximum height of 7.9 m - this gentle raising of height negates the 'low ceiling' 

effect in the nave and the choir loft space; the length of the nave (inclusive of the narthex) is increased 

from 14.4m to 20.6m; Thus, the length/heigth ratio of the nave changes from 2.10 to 2.61; the 

heigth/width ratio of the nave changes from 0.75 to 0.87 and the length/width ratio of the nave changes 

from 1.57 to 2.26. The number of pews in the nave and the narthex of the church consequently increase 

from 26 to 38. This increase in pews will allow nearly 80 - 90 more faithful (calculating 8 

persons/pew) in the nave and the narthex of the church. Atleast another 70 - 80 faithful will be 

accomodated in the additional 10 pews in the choirloft. In total, about 150 - 170 more faithful will thus 

get accomodated inside the proposed expanded church while retaining the acoustical worship 

ambience characterized by a reverberance of about 1.4 seconds.  

Thus a thorough multi-source spectral investigation of reverberation as reflected by RT60 in 

relationship with other monaural acoustical measures was used as a working tool to acoustically 

conserve the worship ambience and aesthetics of St. Roque church while expanding it to accomodate 

more congregation. This investigation also endorsed the presently used altar position as the  

acoustically correct location for the altar in the church. 
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ABSTRACT 
The architectural design involves the knowledge of variables of fundamental importance to a quality result. 
Acoustically characterizing museums delivers design directives of these buildings according to the precepts 
of acoustic comfort of the users.  The museums have an important educational role, therefore valuing these 
buildings goes beyond the principles of museology, such as the rules for conservation of works. This work 
deals with the acoustic characteristics analysis of the Assis Chateaubriand São Paulo Art Museum, located in 
São Paulo city, Brazil, being the most important collection of European art in the Southern Hemisphere. The 
architectural design of modernist style is authored by architect Lina Bo Bardi becoming a landmark of 20th 
century architecture. The exhibition mode of the works, which instead of the traditional linear exhibition 
through the installation of the works on the walls uses crystal easels in the middle of the gallery is also a 
feature that tells how avant-garde the design of this museum. The acoustic studies were performed through 
simulation of the three-dimensional model in computational software with comparisons between source 
position and microphones and also the way of exposition of the collection. This work is part of a PhD research 
that is underway. 
 
Keywords: Room Acoustics, Simulation, Museum 

1.0 INTRODUCTION 
An architecture design involves the knowledge of variables of essential importance for a 

satisfactory and quality result. The main activities developed in a building will demand a specific 
acoustic comfort program. In museums, the main activity is that of observation and introspection, so 
that the interaction between people occurs between small groups.  

This work deals with the needs related to museum acoustics - buildings that are of interest for 
room acoustics, but which are not of critical audience. This work presents acoustic studies of the São 
Paulo Art Museum, which has modernist architecture and is an icon of this movement in Brazil. The 
results were obtained from acoustical simulations in a three-dimensional model. This study is an initial 
part of a PhD research that is under development. 

Acoustic parameters were evaluated, such as: Reverberation Time (RT), Early Decay Time (EDT), 
Clarity (C80) and Definition (D50). 

The Early Decay Time (EDT) analyzes the initial decay, using the first 10 dB of decay of the SPL. 
This parameter has a strong relation with the reverberation perception of the listeners in the room. 

The Clarity (C80) parameter analyzes the intelligibility of the articulations of the musical notes. It 
is determined by the energy ratio of the impulsive response that reaches the listener in the first 80 ms 
and from the 80 ms to its end (in decibel scale). In this way, clarity is a subjective term that describes 
what the details of a musical performance are perceived in relation to the masking of details by the 
reverberant sound [1]. Although museums are not exactly places for musical performance, this activity 
can happen in museums. The Definition (D50) index is the parameter that provides clues related to 
speech comprehension. It is defined as the energy ratio of the impulsive response that reaches the 
listener in the first 50 ms and the energy from the 0 ms to its end (in linear scale). The C80 and D50 
parameters have typical values indicated at the standard ISO 3382:2009 [2], related to the average 
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between 500 and 1000 Hz. For Clarity (C80), this value lies between -5 and +5 dB. For the Definition 
(D50), the standard consider acceptable if it lies from 30% to 70% [2]. It is known that this is a 
percentage value and, the closer to 100%, the better speech intelligibility condition. 

The well-being of museum visitors is an important condition in these buildings. This includes the 
acoustic comfort, which is a qualifying and indispensable item. It is necessary to note that the 
experience of visitors involves attributes that go beyond formal, geometric and aesthetic issues [3]. 
Jónsdóttir [4] presented the study of three Danish museums regarding Reverberation Time, 
Background Noise and Speech Transmission Index (STI). The author used computer simulations and 
interviews. In addition, an analysis was made of the relationship between the STI and the privacy of 
speech. It was observed that there is a need for strict concerns regarding the privacy of discourse in 
museums. The need for privacy of speech was also pointed out in studies carried out in the Serralves 
Museum, Portugal [3,4], since the very concept of museum induces an intimate and private 
environment. There must be balance between privacy and intelligibility, items that have opposite 
acoustical needs, but which are essential for the acoustic quality of museums. There is a consensus 
regarding the shortage of scientific work involving museum acoustics.  

The relevance of the modeling and optimization tools in the design process, as well as the 
manipulation of the architectural elements in the preliminary study phase, provides support in the 
search for solutions in buildings, especially with large volumes. The process of digital manipulation 
and creation of surfaces is like a work of craftsman, where the professional "sculpts" the materials 
with the security of obtaining the desired acoustic characteristics of the room. The parameterization 
between geometry and acoustics also provides the possibility of developing solutions with shapes 
adequate for an architectural style. This is especially important in works of restoration and 
revitalization of buildings, integrating acoustics with architecture [7]. 

The development of three-dimensional modeling tools provides a more intuitive and interactive 
design process, giving the ability to shape the spaces with a good understanding of the sound behavior 
in the environment. The use of computational tools enriches acoustic quality of buildings. It is possible 
to reconstruct scenarios of the past, in order to study the conditions of the building, and to plan, 
manipulate and design buildings with the acoustic solutions already aligned with architectural 
characteristics. For this reason, several researches on acoustic simulation of rooms were undertaken 
[7-11].  

1.1 MASP – São Paulo Art Museum  
The São Paulo Art Museum is the first museum of modernist architecture in Brazil. Its foundation 

was in 1947, where it occupied a building in the center of the city for twenty years. The famous 
building that marked the history of Brazilian architecture, which is being studied in this work, was 
inaugurated in 1968, becoming the definitive headquarters of MASP. The building has 11.000 square 
meters divided into 5 floors. Its volumetry is a suspended by a porch that sustains 74 meters of span, 
where at the time was established as the largest span in the world. It is an icon in the city of São Paulo. 
In 1982 it was registered by CONDEPHAAT - Defense Council for the Historical, Archaeological, 
Artistic and Tourist Patrimony of the State and in 2003 by IPHAN - Institute of National Historical 
and Artistic Patrimony. Figure 1 shows an external image of MASP. 

 
Figure 1. MASP. External view from Paulista Avenue. 

Source: http://museubrasil.org/es/museu/masp-museu-de-arte-de-sao-paulo 
Acces in 27-03-2019. 
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This work approaches a permanent exhibition hall. It is a hall of 2.100 m² and a volume of 12.600 
m³. The materiality of its interior is composed of concrete floor, whole glass envelope and slab in 
apparent concrete. Lina Bo Bardi combines in her architecture the rough and unfinished surfaces with 
lightness, transparency and suspension [12]. The great difference of this museum is in its form of 
exhibition of the paintings. One of the most outstanding features of MASP is the exhibition model, 
where the paintings are displayed on crystal easels (glass supports to expose paintings). The museum 
is the only one in the world that adopts this radical system of exposing paintings, which were also 
designed by the architect Lina Bo Bardi, integrated with the architectural design of the museum on 
Paulista Avenue. One of the proposals were that the works were suspended in the air, where the theme 
is carried by a kind of forest of pictures. There is an approach of the public with works, becoming 
more accessible, since there is no sequence of visualization of the works of art established, each visitor 
defines his own course within the museum, of free form, between the easels. The finishing materials 
are basically composed of concrete and glass. Figure 2 shows images of the interior of the permanent 
exhibition room and glass easels with two points of view. 

 

Figure 2. MASP. Permanent exihibition hall with crystal easels with two point of view. 
Source: http://museubrasil.org/es/museu/masp-museu-de-arte-de-sao-paulo 

Acces in 27-03-2019. 

2.0 MATERIALS AND METHODS 

2.1 Model and Simulation 
In order to meet the objectives of this work, the acquisition of the results began with the three-

dimensional modeling of the room. Commercial software was used to model the museum. 
With the three-dimensional model finalized, simulations of the acoustic conditions of the room 

in the Odeon (version 11.23Combined) software were started. 
The simulations were performed with two configurations of the museum. The first one, with the 

crystal easels according to the expository model of the place. Afterwards, studies were carried out in 
the hall without glass easels. Thus, it was possible to evaluate if there is interference in the acoustic 
conditions by the configuration of the expository model. 

 From each finalized 3D model, the simulation was started in the Odeon (version 
11.23Combined) software, with the following data: 
 Omnidirecional sound sources; 
 Two source positions, in the region of the main entrance of the hall; 
 Nine microphone positions for signal reception. 

In both case scenarios, the microphones positioned at the same places, so that a comparison was 
possible. Figure  shows an image of the simulation with and without the easels. The first image shows 
the two points of source (P1 and P2 in the image were “point of source”). The blue points are the 
receiver microphone points. The second imagem shows only P1 because P2 is in off for the simulation, 
but the position is equal the first image. 
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3.0 RESULTS AND DISCUSSION 
The analyzes were performed from comparisons between source-receiver pairs and scenario 

configuration (with and without easels). For each acoustical parameter there are three graphs. The 
first graph is valid for the configuration without the easels and shows the results for the nearest 
receiver microphone (RM1) and the farthest receiver microphone (RM9) for each of the sound sources. 
The secong graph is the same as the first, but for the scenario with the easels. The third graph shows 
the average results of the receivers ensemble for each point sound source (P1 and P2) with the two 
room exposure settings. The analyses from the farthest point to the nearest point of the source is 
justified to check how much of the criteria is lost when moving away from the source. In addition, it 
is also valid for the study of the influence of the easels in relation to the distance of the listener to the 
source. 

3.1 -Early Decay Time (EDT) 
The results of EDT are presented in the graphs of Figure . It is observed that at 63 Hz is where 

the greatest results are presented, so that it is with the room without the easels that occur the largest, 
reaching EDT around 7,5 seconds. Up to 1 kHz, there is a decrease of the EDT values in the room 
without the easels. A secondary peak is found at 2 kHz band. When analyzing the result of the room 
with the easels, it is possible to detect nearer values between 125 Hz and 1 kHz frequency bands. The 
secondary peak is also found in 2 kHz, but with a smaller value. The room without the glass easels 
presents a harmonious relationship of results both in the microphone closest to the source and in the 
farthest. This can be related to the diffraction of sound waves promoted by the easels, which tend to 
make the sound field in the room more diffuse in that scenario. The diffraction is taken into account, 
at least, in part by Odeon. When the room is studied with the crystal supports, the most distant point 
of the S2 source is that it presents the greatest results. 

 
 
 
 
 
 
 
 

 

 

 

 

 

 

 

Figure 3. Three-dimensional simulation with and without the easels 

Figure 4. Results of EDT. The first graphic is the exhibition hall without easel with two source 
configurations. The second graphic is the exhibition hall with easel and with two source configurations. The 
thirt graphic is the medium results with both sources and room settings. 

0

1

2

3

4

5

6

7

8

63 125 250 500 1000 2000 4000 8000

ED
T 

(s
)

Frequency (Hz)

Early Decay Time without easel

RM1P1 RM9P1

RM1P2 RM9P2

0

1

2

3

4

5

6

7

8

63 125 250 500 1000 2000 4000 8000

ED
T 

(s
)

Frequency (Hz)

Early Decay Time with easel

RM1P1 RM9P1

RM1P2 RM9P2

0

1

2

3

4

5

6

7

8

63 125 250 500 1000 2000 4000 8000

ED
T 

(s
)

Frequency(Hz)

Early Decay Time_average

P1 with easel
P2 with easel
P1 without easel

3970



 

 

It is possible to observe that the configuration without the glass easels inside the enclosure is that 
it presents the highest results up to the frequency of 2 kHz. For higher frequencies the EDT values are 
more similar. 

3.2 –Reverberation Time (RT) 
The results of RT are contained in the graphs of Figure 5. It is possible to observe behavior similar 

to the EDT, in which the 63 Hz Hz has the highest peaks, around 6,8 seconds. The Brazilian legislation 
does not present an ideal RT for museums, because it is not a room of the critical audience. In a case 
study [5] at the Serralves museum, in the city of Porto (Portugal), with modernist architecture, 
designed by the architect Álvaro Siza, it was reported the difficulty of finding bibliography with RT 
indicators ideal for museums. In this research mean values of RT (500, 1 kHz, 2 kHz), between 1,0 
and 1,4 seconds were used as a guideline. These values were chosen according to a survey carried out 
during the study but there is no standardization. However, the values used in this work may serve as 
a valid reference. 

Higher RT values are found in the configuration of the room without the easels. In the frequency 
of 500 Hz, slightly higher values were observed without the easels, around 3,9 seconds, while with 
the supports these values were around 3,1 seconds. At 1 kHz the values are very close, around 3,4 s 
without easels and 3,2 s with them. This greater proximity of values is also observed in 2 kHz, where 
RT is observed between 4,8 and 5 seconds with and without easels, respectively. The distance ratio of 
the microphone to the source is repeated as observed in the EDT responses, but in the case of the RT 
it is possible to verify a greater proximity of the results. The closer results for RT are explained by 
the fact that RT is found from the decay between -5 dB and -25 dB. On the other hand, the EDT is 
obtained from decays between 0 dB and -10 dB. The initial decays tend to be more irregular than late 
decays. For this reason, the EDT values tend to be more irregular than the RT values. 

 
 

 

 

 

 

 

 

 

 

 

When analyzing the averages, again the high similarity of the behavior of the curves with EDT 
is observed, with the highest values presented in the situation of the room without the glass easels. 
The frequencies of 500 Hz and 1 kHz present close values and both room and source settings, between 
3,5 and 3,9 seconds. There is also the peak at 2 kHz, around 5 seconds and decreasing again at 4 and 
8 kHz. 

It is observed that the values are considerably above the indices taken as reference for this work, 
which is between 1,0 and 1,4 seconds in the frequencies of 500 Hz, 1 kHz and 2 kHz. On the other 
hand, this study did not reach the experimental phase yet, and model adjustment may be necessary. 
Only the experimental part will determine if these parameters are higher than the recommendations.  

3.2 –Definition (D50) 
The results of D50 are shown in the graphs of Figure 6. It is observed that in the situation of the 

room without the easels the results of D50 are larger for the closest microphones, not reaching 0,4 of 

Figure 5. Results of RT. The first graphic is the exhibition hall without easel with two source configurations. 
The second graphic is the exhibition hall with easel and with two source configurations. The thirt graphic is 
the medium results with both sources and room settings. 
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Definition (40%) up to the frequency of 4 kHz. The receivers closer to the source are more exposed 
to the direct sound and stronger first reflections. This feature will make the D50 increase much more 
than for the most distant points. In the situation of the room with the easels, the results do not diverge 
so much in relation to the position of the microphone, observing similar results in both the closest and 
the most distant points, except for RM9 with P2. This can be again attributed to the diffraction of 
sound by the easels, which tend to even out the sound in the room. In this configuration, the D50 does 
not reach 0,3 (30%) between the frequencies of 250 Hz and 4 kHz. The mean results shows that the 
D50 only exceeding 0,3 at the 8 kHz frequency and high standard deviation, which is natural due to 
the characteristic of this parameter. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

3.4 –Clarity (C80) 
The results of C80 are shown in the graphs of Figure . It is noted that with the exception of 8 

kHz, all results are negative, with averages ranging from -2,5 dB to -8 dB across all frequency bands. 
The negative results means that there is less energy in the direct sound and first reflections than in the 
reverberant tail. Like the D50, the C80 is influenced by the source-receiver relationship. The 
microphones farthest from the source have the greatest negative results in both positions. When 
analyzing the results of the hall with the glass easels, there is a greater similarity of responses between 
RM1P1, RM9P1 and RM1P2, so that RM9P2 presents a trigger of negatives values for C80. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 6. Results of D50. The first graphic is the exhibition hall without easel with two source configurations. 
The second graphic is the exhibition hall with easel and with two source configurations. The thirt graphic is 
the medium results with both sources and room settings. 

Figure 7. Results of C80. The first graphic is the exhibition hall without easel with two source configurations. 
The second graphic is the exhibition hall with easel and with two source configurations. The third graphic is 
the medium results with both sources and room settings. 
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The average responses of C80 show predominantly negative results, considering that the room is 
highly reverberant this is a result consistent with the other parameters. 

3.0 CONCLUSIONS 
This work approached the acoustic simulation in a three - dimensional model of a museum with 

modernist architecture. 
The results of Early Decay Time (EDT) and Reverberation Time (RT) were very similar, showing 

that the room is highly reverberant. In both parameters, the simulations of the room with the glass 
easels showed slightly lower values, indicating that the configuration with these elements allows a 
small reduction in the results. RT ranged from 3,2 to 5,5 seconds at the frequencies of 500, 1 kHz and 
2 kHz, well above values between 1,0 and 1,4 seconds for this frequency range [5]. In the experimental 
phase, these results must be revisited and the model adjusted accordingly. On the other hand, it is a 
fact that the architectural characteristics of the place, composed of concrete and glass, besides the 
large volume and the geometric shape contribute to these high values. 

The results of D50 show a room with extremely low Definition factor, hardly exceeding 0,3 (30%) 
of D50. Naturally, the results of the microphones closest to the fonts are superior to the more distant 
microphones. In the situation of the room with the easels, it is observed that the farthest microphone 
(RM9) with the source in the corner of the room (P2) is that it presented smaller D50 than the others. 
This point is exposed to the highly reverberant field, which justifies this result. The Definition of the 
permanent exhibition hall is low, however, it should be noted that museums are places of short-range 
dialogues. On the other hand, it is important that there is at least an average room definition so that 
audible warnings, especially in case of emergencies, are perfectly understood. This is a security issue. 

The results of Clarity (C80) presented predominantly negative results, varying from -2,5 to -8 in 
all frequencies, except for the frequency of 8 kHz. These results are in agreement with the high RT 
found. It is not usual musical activities in this specific room of the MASP, therefore it is a parameter 
that influences less in the comfort of the regulars of the place. 

Finally, it can be affirmed that the simulations provided coherent answers to the situation of the 
building, made of highly reflective materials and expressive volume.  
It is also possible to observe that the simulations do not present a great difference in the acoustic 
performance of the place with and without the glass easels. In addition, there is no other way of 
studying how MASP glass easels can influence acoustic behavior other than with simulations, since 
it is a permanent exhibit room, these elements do not leave the room. It is possible to understand that 
the building may present some acoustic problems due to the high RT, which may impair speech 
intelligibility, privacy and comfort in general. Museums are not places for critical audience, so 
conversations occur with people close to each other, but it is important to note that better D50 results 
are important especially when audible warnings happen to the public. 

This work is part of a doctoral research that is under development. These were the first results 
about the simulations of this museum. Other studies are in continuation for detailed investigations of 
the problematic that involves museum acoustics and experiments will be carried out in the near future. 
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ABSTRACT 
The Armando Gonzaga Theatre, located in Marechal Hermes, a low income neighborhood in Rio 

the Janeiro, is for the local inhabitants the single cultural facility in the spot, being used for different 
purposes, from plays to acoustic and amplified musical concerts. Although, since 1989, had been 
included in a list of artistic-cultural heritage buildings by INEPAC (State Institute of Cultural 
Heritage), is currently in very poor conditions by lack of maintenance. The aim of this paper is the use 
of BRASS software as tool to propose solutions to improve the acoustical performance in the Armando 
Gonzaga Theatre considering a compromise between speech and music in order to contemplate the 
variety of uses of the room and compatible with the heritage limitations required by the INEPAC. The 
methods used are the simulations of the current situation compared to the measurements in the place, 
and the simulations of situations with new interventions, using BRASS software (Brazilian Room 
Acoustic Simulator), developed in the Urban Engineering Program of the Federal University of Rio de 
Janeiro. The results show that it is possible to make these proposed adjustments, improving the 
acoustic performance of the building, but respecting its original characteristics. 
 
Keywords: Room acoustics, Acoustic simulation, Heritage-listed buildings. 

1. INTRODUCTION 
The Armando Gonzaga Theatre, designed by the architect Affonso Eduardo Reidy is a perfect 

example of the Modern Architecture produced in Brazil in the 1950’s. Deployed in the center of a 
square, the building was conceived from the intercession of two trapezoids which define its volumetric 
shape and the organization of the main spaces: foyer, audience, and stage (Figure 1) (1).  

Located in Marechal Hermes, a low income district of Rio the Janeiro away from the urban central 
area, the 278-seat theatre was inaugurated in 1954 as an action which aimed to provide art and culture 
for peripheral neighborhoods. For the local population the Armando Gonzaga still remains as the 
single cultural facility in the spot, being used for different purposes, from drama or comedy plays to 
acoustic and amplified musical concerts. 

Although, since 1989, the theatre had been included in a list of artistic-cultural heritage buildings 
by INEPAC (Institute of Cultural Heritage of Rio de Janeiro State), currently the building is in very 
poor conditions mostly by the lack of maintenance. In Figure 2 a set of photos taken by the author 
shows the actual conditions of the theatre, in the current situation.  

The aim of this paper is the use of BRASS software as tool to propose solutions to improve the 
acoustical performance in the Armando Gonzaga Theatre considering a compromise between speech 
and music in order to contemplate the variety of uses of the room and compatible with the heritage 
limitations required by the INEPAC.  
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Figure 1 – Armando Gonzaga Theatre by Affonso Eduardo Reidy (1) 

 

 
Figure 2 – Actual theatre situation (2018) 

2. ROOM ACOUSTIC SIMULATIONS: BRASS 
In the method of acoustic numerical simulation of ray tracing, the modeling of the sound wave 

follows the assumptions of geometric acoustics, with straight acoustic rays emitted from the sound 
source, where each ray has the source power information, and its path is influenced by air viscosity and 
room geometry, as well as the phenomena of absorption, specular reflection and diffuse reflection. The 
method of ray tracing is not suitable for simulations that consider scattering, because in this 
phenomenon a ray that affects one surface is reflected in several other new rays. This method is 
restricted to the calculation of specular reflections by adding to them all the energy associated with the 
diffuse reflections. Relevant to this method are the total energy emitted by the sound source, the 
number of rays emitted by the source, the directionality of the source through spherical coordinates, 
the air absorption coefficient, the distance traveled by the rays and the absorption coefficients of the 
surfaces. The disadvantages of the ray tracing method are the need for a large number of rays for the 
simulation (2, 3). 

BRASS (Brazilian Room Acoustic Simulator) uses the ray-tracing method to obtain mono and 
binaural impulsive responses in the receivers, and allows obtaining the main quality acoustic 
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parameters of the room, with auralization. The ray tracing belongs to the group of geometric acoustic 
methods, where there is an energetic approach to the propagation of sound. In this case, wave 
phenomena such as interference are not considered since only energy is used. When using BRASS in 
rooms, the energy captured by the receiver depends on the number of rays emitted by the source, the 
distance between source and receiver, the radius of influence of the receiver, the geometry of the room 
as well as the acoustic characteristics of the surfaces (absorption, scattering and transmission) (4). 

3. METHODOLOGY 
The methods used are the simulations of the current situation compared to the measurements made 

in the place, and the simulations of situations with future interventions, using the software BRASS.  
The first step of the study is to create a three-dimensional model of the room in CAD software, 

separating the layers according to the existent materials in the room, and then export it to BRASS. 
After exporting, the absorption coefficients of each layer are inserted in 9 octave-bands, from 63 Hz to 
16 kHz, following the tables in the Brazilian Standard 12.179 (5), or other references and catalogues. 
The sound source is inserted in the model with the coordinate system, as well as the receiver. The 
source can be an anechoic sound of an instrument or voice, in which is set the power in watts. Then it 
is possible to generate the simulation together with the acoustic parameters by receiver and the 
auralization. The adjustments of the model are made by comparing the measurements took in place and 
adapting the shapes of the room or the absorption coefficients of the materials (6). 

Finally the architectural interventions can be done in the CAD 3D model by adapting the shapes and 
the materials, and exporting it to BRASS to generate the new results, repeating the method until the 
acoustic parameters needed are achieved. 

3.1 Room information 
The drawings and sections of the room were not found in dwg format, but images were obtained in 

references (1). From a survey done at the place where distance measurements were taken, the 
three-dimensional model was made in CAD software from the dimensions measured together with the 
proportions of the drawings. 

3.2 Room measurements 
Acoustic measurements were made of internal background noise, as well as the Room 

Reverberation Time, with the meter Instrutemp ITDEC-4080, class 2. 
The acoustic measurements of background noise inside the auditorium followed the steps of the 

Brazilian Standard 10.152 (7), using the slow mode, with measures during 5 minutes. There were 2 
measures with the air conditioning on and other 2 measures with the air conditioning off.  

To obtain the Reverberation Time RT60 inside the room it was followed the Brazilian Standard 
12.179 (5), using fast mode, with measures during 30 seconds. The measurement of the RT60 used a 
balloon pop in the middle of the stage and the acoustic meter in the middle of the auditorium. 

It is important to highlight that all of these measurements were taken in empty room. 

3.3 Three-dimensional model in CAD software 
In the CAD software, the internal elements of the current situation were designed, such as walls, 

floor, ceiling, stage and acoustic panels (Figure 3a). The model was only worked with plans made from 
the 3dpolyline command, associating with the law of Ampère, where all the faces should be turned 
inside the enclosure. The sender and the receiver were inserted as dots in CAD.  

3.4 Simulation of the current situation in BRASS 
The dxf file was imported into the BRASS software and converted into a txt file. Within this txt file 

the absorption coefficients were inserted into each material in each frequency range, following the 
tables of references (5, 8). These tables provide the absorption coefficients from 250Hz to 4000Hz, so 
for the frequencies of 63Hz the frequencies of 125Hz were repeated, and for frequencies of 8kHz and 
16kHz the frequencies of 4kHz were repeated. Table 1 presents the materials and coefficients used in 
the model. As the measurements were made in empty room, the simulation of the current situation also 
did not consider spectators in the auditorium. 

Figure 3b shows the imported model for the Brass software with the sound source (red dot) and the 
receiver (green dot), inserted at the measurement site, according to the Cartesian plane, at the x, y, z 
coordinates value of the CAD quotas. For the receiver a binaural virtual head was used in stereophonic 
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mode. The transmitter was configured by emitting 100,000 rays at the sound source with 80dB energy, 
with the maximum of 10 reflections per ray. The elements outside the inner room do not influence the 
computational acoustic simulation, so they were not modeled. Other data should be entered into the 
software, such as temperature (20°C), pressure (1Pa) and humidity (40%). 

It is common knowledge that in typical music rooms, after 3 or 4 reflections, the main energy 
propagation becomes diffused, that is, it is dispersed (9). 

Once all the information has been entered in the txt file, the simulation that generates a txt file for 
the receiver is presented, showing the acoustic parameters found. Until the RT60 global is not achieved, 
the thickness of the materials can be adjusted according to the specifications in the current situation. 

 

Table 1 – Existent materials, their placement and absorption coefficients per octave frequency bands 

Material Place 63 125 250 500 1k 2k 4k 8k 16k(Hz) 

Cork 8mm Walls 0,09 0,09 0,08 0,06 0,14 0,21 0,22 0,22 0,22 

Curtain Stage 0,25 0,25 0,33 0,40 0,50 0,60 0,60 0,60 0,60 

Plaster Walls/ceiling 0,02 0,02 0,02 0,02 0,02 0,03 0,06 0,06 0,06 

Wooden stage Stage 0,40 0,40 0,30 0,20 0,17 0,15 0,10 0,10 0,10 

Rubber mat Aud. floor 0,04 0,04 0,04 0,08 0,12 0,03 0,10 0,10 0,10 

Leather armchairs Seats 0,13 0,13 0,14 0,15 0,11 0,07 0,07 0,07 0,07 

Wooden door Aud./stage 0,14 0,14 0,10 0,06 0,08 0,10 0,10 0,10 0,10 

Glass Auditorium 0,20 0,15 0,10 0,15 0,20 0,25 0,30 0,32 0,35 

 

 
 

(a) CAD model      (b) BRASS model 

Figures 3a and 3b – Three-dimensional model in (a) CAD software and (b) BRASS software (2019) 

3.5 Simulation of the interventions 
The Armando Gonzaga Theatre is used for speech, acoustic and amplified concerts, so the 

interventions in BRASS aimed to reach better acoustic performance for these multiple uses of the room. 
As the measurements were taken in empty room, the simulation of the interventions must consider the 
room with 2/3 of occupation to approach the reality.  

4. RESULTS 

4.1 Acoustic measurements 
The acoustic measurements of background noise inside the room were made in two places of the 

auditorium, with the system of air conditioning on, and with the system off. The measurements are 
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compared to the Brazilian Standard 10.152 (7) on Table 2. With the air conditioning system on, the 
values are much over the limits of the standard, and without the system on, the values are still above 
the limits. That would require a better insulation of the room, especially in the gaps of the doors. It is 
remarkable that the high wall air conditioning system must change to a ducted system with an 
acoustically isolated machine room, considering also the insulation for the vibration of the machines.  

The broadband measured RT60 in the auditorium is 2.0 seconds. These measurements were taken in 
empty room, and it is necessary to make the simulation of the interventions with 2/3 of the auditorium 
occupied. This room with 2,500 m3 should have the RT60 of 0.97s for speech and of 1.37 for concert 
music. 

 

Table 2 – Acoustical measurements of background noise inside the theatre 

Point Air conditioning Measurements in dB(A) NBR 10.152 (7) in dB(A) 

5 Off 36.0 30-35 

5 On 58.4 30-35 

6 Off 37.7 30-35 

6 On 58.4 30-35 

4.2 Acoustic simulation of the current situation 
The simulation of the current situation in the software BRASS gave the results shown in Table 3, 

extracted from the software. The global T60 reached 1.98s, presenting a margin of error of 1%. 
 

Table 3 – Results of the simulation of the current situation in receiver R1 

R1 63 125 250 500 1k 2k 4k 8k 16k(Hz) Global 

T20 1.79 2.04 2.11 1.93 1.70 1.56 1.24 0.84 0.55 1.60 

T30 2.07 2.09 2.10 2.05 1.80 1.65 1.28 0.90 0.61 1.74 

T60 2.18 2.22 2.15 2.07 1.93 1.75 1.45 1.04 0.68 1.98 

EDT 1.62 1.74 1.66 1.59 1.61 1.42 1.07 0.60 0.49 1.20 

C80 -2.17 -1.16 1.74 1.61 0.81 1.59 4.24 8.24 12.91 4.09 

D50 21.34 27.65 35.38 30.71 32.76 39.40 51.51 71.31 84.96 52.82 

CT 162.9 162.2 143.5 141.4 140.1 126.1 97.9 68.1 49.4 104.6 

SPL 51.68 52.18 55.46 58.05 59.69 61.44 62.50 62.60 58.43 68.99 

SPL(A) 25.48 36.08 46.86 54.85 59.69 62.64 63.50 61.50 51.83 68.41 

4.3 Acoustic simulation of the architectural proposals 
The global RT60 of 2 seconds measured in the room is very high for the uses. The first thing before 

starting the simulation of the current situation in the software BRASS was to decrease the volume of 
the room by using curtains around the stage, where actors and musicians can go in and out through it, 
creating a sound barrier avoiding the reverberation in the backstage areas. In the stage background it 
was proposed a wood panel to reflect the sound to the stage as well as to the auditorium.  

With this guideline the volume of the room changed from 2,500m³ to 1,138m³, the appropriate 
global RT60 for speech changed to 0.9s and the appropriate global RT60 for concert music changed to 
1.3s. 

Being a heritage-listed building, it is not possible to change certain architectonic elements of the 
auditorium, as the concrete rippled ceiling and the lateral cork panels in both sides near the stage. The 
floor of rubber mat was kept as a good material for maintenance of the room. As extremely necessary, 
the plaster walls in the back of the auditorium were covered with absorbing materials in independent 
structures. 

A baffle system was proposed in the back of the auditorium fixed to the ceiling by struts. This 
system is very efficient for having two faces of absorption, and was very convenient to the building 
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because the curved ceiling designed by the architect will still be visible, but the acoustic reflections 
and focus in the background of the auditorium could be mitigated. 

Absorptive panels were inserted in the cork walls near the stage to minimize the RT60, as the ceiling 
and floor suffered no interventions in the front of the auditorium. Those panels were spaced enough so 
the cork walls designed by the architect could still be present in a harmonic way. 

The model in BRASS with these interventions is showed in Figure 4, where the sound source S1 is 
represented as a red spot, and receiver R1 as a green spot. Table 4 presents the existent and new 
materials used in the intervention.  

With these project decisions the simulation presented a satisfactory acoustic performance for 
speech and music compared to the existent parameters, as showed in Table 5. Table 6 presents the 
comparison of the global acoustic parameters between the current situation and the proposal 
intervention. Only global (full band) parameters were compared due to the measurement equipment 
restrictions. It is possible to see that Reverberation Time (RT60) decreased from 1.98 to 1.11s, Early 
Decay Time (EDT) decreased from 1.20s to 0.39s, Central Time (CT) decreased from 104.6s to 58.0s, 
Clarity (C80) increased from 4.09 to 12.18, Definition (D50) increased from 52.82% to 84.56%. The 
Sound Pressure Level (SPL and SPL (A)) remained practically the same, there being no perceptible 
decrease of the sound level in the receiver. 

 

  
Figure 4 – Model of the intervention in BRASS (2019) 

 

Table 4 – Existent and new materials, their placement and absorption coefficients per octave frequency bands 

Material Place 63 125 250 500 1k 2k 4k 8k 16k(Hz) 

Cork 8mm Walls 0,09 0,09 0,08 0,06 0,14 0,21 0,22 0,22 0,22 

Curtain Stage 0,25 0,25 0,33 0,40 0,50 0,60 0,60 0,60 0,60 

Plaster Walls/ceiling 0,02 0,02 0,02 0,02 0,02 0,03 0,06 0,06 0,06 

Wooden stage Stage 0,40 0,40 0,30 0,20 0,17 0,15 0,10 0,10 0,10 

Rubber mat Aud. floor 0,04 0,04 0,04 0,08 0,12 0,03 0,10 0,10 0,10 

Leather armchairs Seats 0,13 0,13 0,14 0,15 0,11 0,07 0,07 0,07 0,07 

Occupied armchairs Seats 0,33 0,33 0,39 0,44 0,45 0,46 0,46 0,46 0,46 

Absorptive panel 1 Walls/Baffle 0,15 0,15 0,45 0,69 0,95 0,94 0,98 0,98 0,98 

Absorptive panel 2 Back of Aud 0,23 0,23 0,68 0,98 1,04 0,97 0,99 0,99 0,99 

Glass Auditorium 0,20 0,15 0,10 0,15 0,20 0,25 0,30 0,32 0,35 
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Table 5 – Results of the simulation in receiver R1 with the intervention 

R1 63 125 250 500 1k 2k 4k 8k 16k(Hz) Global 

T20 1.15 0.98 0.84 0.59 0.52 0.50 0.47 0.37 0.23 0.62 

T30 1.23 1.25 0.86 0.69 0.59 0.56 0.48 0.41 0.30 0.78 

T60 1.30 1.27 1.04 0.79 0.74 0.72 0.64 0.50 0.37 1.11 

EDT 0.82 0.68 0.55 0.55 0.48 0.39 0.30 0.24 0.23 0.39 

C80 2.98 6.26 9.85 9.52 10.52 12.51 14.29 17.54 22.08 12.18 

D50 36.68 56.34 66.80 72.54 78.90 82.10 88.75 93.68 96.76 84.56 

CT 104.7 88.8 75.1 72.3 63.2 58.7 53.3 48.3 43.9 58.0 

SPL 52.10 53.81 56.31 57.41 58.08 60.40 62.11 62.66 58.91 68.67 

SPL(A) 25.90 37.71 47.71 54.21 58.08 61.60 63.11 61.56 52.31 67.83 

 

Table 6 – Broadband acoustic parameter comparison between current situation and proposal intervention 

Global T20 T30 T60 EDT C80 D50 CT SPL SPL(A) 

Current situation 1.60 1.74 1.98 1.20 4.09 52.82 104.6 68.99 68.41 

Intervention 0.62 0.78 1.11 0.39 12.18 84.56 58.0 68.67 67.83 

5. CONCLUSIONS 
Considering the state of the art of acoustics research, acoustic performance simulation should be 

considered essential tool for the design of auditorium and spectacle rooms. These software provide 
cost reductions, quickness of modelling and remodeling the architectural space, with simultaneous 
results. These benefits increase in developing countries with cost constraints. 

In heritage-listed buildings this methodology is fundamental because it makes possible the 
experiment with different materials and their placements, so the acoustic performance can be coupled 
with suitable design that respect the original characteristics of the building. 

BRASS is a tool in development that can be a very good instrument for acoustic simulations, 
presenting diversified parameters as well as audio files that describe the room´s “sound” very close to 
reality. 
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ABSTRACT 
In the last 10 years in Turkey the number of a place of worship of the followers of the religion of Islam 
(mosque) has increased. Mosque, as a multi-functional place designed to be used technically for speech and 
music performances, is an active research area for experts of acoustics.  
In this study, a section of a comprehensive study focused on speech intelligibility in mosques is presented. 
The aim is to determine Turkish mosque types which are commonly built since the year of 2000 and to 
evaluate of its acoustical properties. Mosques built since the year of 2000 in a city which has the average 
population of the Turkish urban areas, are selected to be analyzed for determining the specification of the 
sample mosque models’ physical characteristics. Method used in this study is; collection of the determined 
mosques’ properties; comparative analyze of the collected data; synthesizing the design of the sample 
mosque and obtaining the room acoustic parameters by using simulation techniques. Finally, acoustical 
parameters of sample mosque are compared with the acoustical parameters of mosques suggested in the 
literature. Also, by this research the base model of the contemporary Turkish mosque is provided using for 
future studies on mosque acoustics.  
 
Keywords: Contemporary Turkish mosque; Mosque acoustics; Acoustical simulation  

1. INTRODUCTION 
Mosque is defined as a place of worship of the followers of the religion Islam. In Turkey among all 

religions Islam is the prominent one (1). Therefore, in Turkey among all religious buildings the 
Muslims’ one is attracting more attention and is built more often.  The number of mosques in the 
territory of Turkey has been increasing over the years. Especially in the last 10 years referred increase 
is becoming more prominent. While every year around 660 mosque is being built, since 2010 till now 
average annual number of mosque has increased to 1000. (URL1). 

Speech and music events such as collective worshiping, listening the sermon and recitation of holy 
Quran are organized in these places. The rituals that take place in the mosque are: salah, sermon and 
Khutbah Sermon. Salah is the ritual of worshiping the god. In the Salah rituals that are used for music, 
the imam (sound source) standing in front of the mihrab (architectural element in a form of niche (20) 
located on the qibla wall), melodically recites the holy Quran; the congregation (the listener), being 
turned towards to the Qibla wall, is standing behind the Imam and is listening to the recital.  Sermon 
and Khutbah sermon are rituals where religious speeches are made. In the sermonrituals that are used 
for speech, the imam is sitting on the chair over the pulpit (few step high platform raised from the 
ground (20)) making the religious speech; the congregation being in a row is sitting on the floor 
listening the preach. During the Khutbah Sermon the congregation being in a row is still sitting on the 
floor but imam, who is making the religious speech, is standing over the mimbar (a 'pavilion' in the 
form of a lodge covered with cones, placed over the top of the raised platform that is located behind the 
arched door and is reached by stairs (20)). Based on Islamic beliefs, in mosque women and men do not 
worship side by side. Therefore, in every mosque there is a special place arranged as women's worship 
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area. Considering the characteristics of the rituals in the mosque, it can be said that the mosque is 
designed as a place for listening. Therefore, the intelligibility of speech and clarity of music in 
mosques are important issues and this condition shows the importance of acoustic comfort in the 
related places. 

The mosques attract the attention of experts of acoustics due to their own architectural properties as 
well as their special acoustical properties. The physical properties of the mosque such as form, volume, 
floor height, surface characteristics, ceiling type, material properties and source receiver positions in 
rituals directly affect the acoustic comfort of the mosque (2-10, 14, 19). Therefore, in the mosque 
acoustics literature: the effect of different architectural elements (6, 21-22) and interior finishing 
materials (7, 10, 19) on acoustic comfort in the mosque were discussed.  In addition, the studies on 
determination of the optimum acoustic values for the mosque still continue (6, 9 -10). In order to 
determine the acoustics of the mosque, parameters such as Reverberation Time (RT) and Early Decay 
Time (EDT) are examined. The intelligibility of the speech is evaluated over the parameters Definition 
(D50) and Speech Transmission Index (STI); liveliness of music is evaluated over the parameters of 
Clarity (C80) (2-10, 14, 19). The acoustic defects such as focusing, caused by concave surfaces, and 
echo, caused by delayed reflections from reflective properties of interior finishing materials, are likely 
to occur in large and domed spaces such as mosques. Due to the negative effects on the acoustical 
comfort of the space, related defects must be predicted and prevented during the design phase of the 
mosque. 

Contemporary Turkish mosques are still being built with domed ceiling as it was being built in 
Ottoman period. However, the use of resonators in the cavity of dome appears only as the 
characteristic of the Ottoman period; nowaday, it has lost its practicality (4, 8). Since contemporary 
Turkish mosques are different from the old Ottoman mosques in terms of size and acoustic 
performance (in contemporary mosques resonators are not being applied in cavity of the domes; 
related mosque’s designs are simpler and the diffusion effect of the finishing materials are lower than 
one’s in old Ottoman mosque), the future studies on mosque acoustics will be led to attainment of more 
efficient results if focuses on contemporary mosque characteristics.  

In this paper that is prepared as part of a comprehensive study on the given appoints, it is aimed to 
determine the acoustic conditions of mosque that presents the most commonly built mosque in Turkey 
being determined through the investigation/ compilation of physical properties of Turkish 
contemporary mosque, by using the simulation methods. All mosques being built since 2000 in 
Eskisehir, province which has the average population of the Turkish provinces, have been selected as 
a research area of this study. The physical properties (like size, shape, interior materials and capacity) 
of all mosques in Eskişehir province were investigated ; characteristics of mosque to be built in 2019 
were predicted over the obtained datas from examined mosques by using statistical methodes such as 
determination of average value and trend analysis; and in this way, Contemporary Turkish Mosque’s 
common architectural (pulpit, mimbar, mihrab, women's worship area etc.) and material (floor, wall, 
ceiling, mimbar, pulpit, mihrab finishing material) properties were determined.  According to these 
characteristics, sample mosque was modeled in digital environment and it was evaluated in terms of 
room acoustics using simulation method.   

The aim of this study is to emphasize the importance of acoustic comfort in mosques and to 
determine how well the acoustic criteria proposed in the national and international literature for the 
mosques is provided in the modern Turkish mosques.      

2. RESEARCH METHOD 

2.1 Procedure for Determining the Characteristics of Contemporary Turkish Mosque 
Total of 29 mosques built in Eskisehir province of Turkey since 2000 are selected as a research area 

to determine the Contemporary Turkish Mosque’s characteristics. Information on the capacity and 
floor area of the mosques were obtained and confirmed on site.  The physical characteristics of the 
mosque such as: the shape of the mosque, the interior finishing material, the location of the other 
architectural elements in the main room of the mosque (membar, mihrab, pulpit, women worship area, 
load-bearing system (columns, domes)) and the solid-void ratio on the wall were observed by visiting 
each selected mosque; and the data obtained from the observations were compiled . Physically separate 
spaces from the main area of the mosque, such as basement and entrance hall were excluded from 
detailed investigations. Therefore, detailed investigations focus on the main area of mosques. 
Schematic floor and section plan of each mosque, including the load-bearing system of it, is drawn and 
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the location/ size of the architectural elements such as doors, windows, stairs, etc. were marked. 
Physical properties of all mosques were compiled, tabulated, evaluated and as a result the common 
properties for the sample mosque were determined. 

Statistical methods were used to determine the characteristics of the sample mosque . The physical 
properties such as the shape of the main area of mosque, the interior finishing material, the  interior 
location of the architectural elements were determined as the most common properties of the examined 
mosque. Dimension and capacity characteristics were determined by analyzing the capacity and floor 
areas of the examined mosques according to the years through trend analysis, and were determined as 
the average capacity and floor area of the mosque to be built in 2019.   

2.2 Procedure for Modeling and Simulation of the Sample Contemporary Turkish Mosque   
ODEON 14 Auditorium acoustic simulation software was used for acoustic modelling of 

determined sample mosque. Modeling and simulation methods were based on the fallowing steps: 
acceptances and conditions in modeling; the source- receiver position taken according to the rituals in 
mosque; acoustic parameters to be used in evaluation, and model and simulation data evaluation.  

Acceptances and conditions in modeling: Depending on the occupancy rate of the mosque, 3 
different models are made: empty, 30% and 100% occupied (4). The background noise in the model  is 
designed according to the NC25 curves proposed in the literature (5).  

The source- receiver position taken according to the rituals in mosque : The mosque model is 
simulated according to 3 different rituals in the mosque and the source- receiver positions taken 
according to them: salah, sermon and khutbah sermon. 

-Salah ritual: source point, being turned towards mihrab, being located in mihrab at distance of 
1,5m from the wall, is having the elevation of 1,65m (5); receiver grid being turned towards Qibla  wall 
is having elevation of 1,7 m (5) 

-Sermon ritual: source point located at pulpit is having elevation of 1,8 m symbolizing the imam 
sitting on the chair (1,2m of height) over the 0,6 m high pulpit; receiver grid being turned towards 
Qibla wall is having elevation of 0,9m (5).  

-Khutbah sermon ritual: source point located at mimbar is turned towards congregation and it has 
elevation of 3,2 m symbolizing the imam standing on the feet (1,65m of height) over the 1,55 m high 
mimbar; receiver grid is having elevation of 0,9m (5) 

Acoustic parameters to be used in evaluation: RT, EDT, D50, C80 and STI parameters were 
investigated in order to determine acoustic conditions in the room (2-4). Grid calculation was used in 
simulation of acoustic codition. Grid size was determined as 1,2*1,2m, symbolizing the distance 
between rows of congregation during the rituals. 

Model and simulation data evaluation: The evaluation of the general acoustic condition of the 
sample mosque model was done according to the simulation data obtained for each mosque ritual and 
occupancy cases. The results obtained were evaluated by being compared to the optimum values 
proposed in literature. 

2.3 Optimum acoustic conditions/properties for Sample Contemporary Turkish Mosque 
In this section optimum values of acoustic parameters (RT, EDT, D50, C80 and STI) proposed in 

literature of determination of the optimum acoustic condition in mosque, were compiled and arranged 
according to the physical and architectural features of Sample Contemporary Turkish Mosque 
determined within the scope of this study (Table 1). 

 
Table 1- Optimum acoustic values for mosque 

PARAMETER VALUE (Reff.) PARAMETER VALUE (Reff.) 

RT 1,1- 1,7 s STI <0.3: bad; 

0.3-0.45: poor; 

0.45-0.6: fair; 

(16) 

0.6-0.75: good; 

0.75-1.0: excellent 

(16) 

EDT +/- 10% RT (4, 15) 

D50  

(500-1000 Hz) 

0.3-0.7 (5, 13-14) 

C80 -1 to +3 (4, 17) 
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For all relevant parameters, except for -RT (EDT, D50, C80 and STI) the proposed values for 
mosques in the literature are considered as optimum. The optimum value range of RT was determined 
by considering the proposed values for mosques in the literature, as well as the proposed values for 
spaces that accommodate the events similar to mosque’s ones. 

The optimum RT values for the mosques, based on the literature, have been evaluated according to 
the architectural features of the sample mosque (see 3.1 Architectural Properties Section). According 
to this; For the sample mosque with a volume of 4000 m3, the optimum RT value at medium 
frequencies according to different sources is 2.1 s (6); 2,4- 2,9 (9) and 1,35s (10). The values which are 
quite different from each other are compared with the RT values suggested in the literature for the 
places that accommodate speech and music events similar to the mosques’ one . According to this; 

-For the speech, the optimum RT values of the Catholic and Protestant church proposed in the 
literature were examined and it was seen that related value has been proposed as: 1.1 s-1.5 s for the 
Catholic Church (11); 1.35 s for the Protestant Church (12). 

-For the music, the optimum RT values of choral music being proposed in the literature were 
examined and it was seen that related value has been proposed as 1.7 s (18).  

This obtained data, in case of RT value of sample mosque being among the range of 1.1s and 1.7s 
for speech and music performances, has been evaluated as appropriate for providing optimum 
conditions. In addition, it is seen that 1.35s (10) suggested by Orfali for the optimum RT value of the 
mosque has value being among the respective range. 

According to the foundings in literature, in this study it was assigned that the optimum RT value of 
the sample mosque for all frequencies should be between 1.1s and 1.7s. and in the middle frequencies 
should be 1.35 s. 

3. SAMPLE CONTEMPORARY TURKISH MOSQUE MODEL PROPERTIES  

3.1 Architectural Properties 
Contemporary Turkish Mosque Model’s characteristic determination was done respectively as 

followes: determination of volume, floor area and capacity; determination of plan and ceiling types; 
determination of location of women worship area, mihrab, pulpit and mimbar and determination of 
interior finishing materials. 

Volume, floor area and capacity: As a result of the compilation of the physical characteristics of 
the Contemporary Eskişehir Mosques the capacity and floor area of a mosque to be built in 2019 were 
calculated using statistical trend analysis, to have a capacity of 1164 person and floor area of 647 m2 
(Figure 1).  

  

a)  b)  

Figure 1- Trend analysis; related to its own building year mosque’s a)capacity tendency; b)area tendency 
  
The volume of the mosque is calculated as 8m3 per person. When the basement floor and main 

entrance area in the mosque have been removed from the total mosque volume, the volume of the main 
space of the mosque was calculated as 4000 m3. 

Plan and ceiling type: According to the data obtained, the main space of the mosque has 5 
different plan types: square (%21); narrow edge rectangle (%18); wide edge rectangle (%25); “T” 
shaped (%21) and different polygon shaped (%14). Ceiling type is made in 3 different ways: hip roof 
(%14); flat roof (%4) and domed roof (%82). According to the results, it was determined that the main 
area of mosque modeled in this study is a wide edge rectangular floor plan with domed ceiling. 
According to the number of domes being built in examined wide edge rectangular floor plan mosques 
the number of domes to be designed in model is determined: 1 main and 11 small domes over the main 
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area of mosque (Figure 2).  
 

 

      

 

Figure 2- Determined mosque floor plan, section plan and 3D view  
  
Location of women’s worship area: In the sample mosques examined, it was seen that the 

women's worship area is located inside the main area of the mosque in two different places: on the back 
side of the ground floor of the mosque (%7) or over the mezzanine floor (%93). Also it is seen that the 
mezzanine floor inside the mosque is designed in two different shapes: leaning only on the back wall - 
“I” shaped (%30) and leaning on the back and side walls- “U” shaped (%70). In model mosque 
women’s worship area has been located according to the results of the examination, over the “U” 
shaped mezzanine floor.     

Location of Mihrab, Pulpit and Mimbar: For the acoustic performance of mosque the location of 
source (imam) during the salah, sermon or khutbah sermon is of the great importance. Therefore, the 
locations of mihrab, pulpit and mimbar have been determinated on site. All three are always leaning on 
the front wall, Qibla wall. Mihrab is always placed in the middle of the Qibla wall in a form of niche. 
But location of the mimbar and pulpit differs from mosque to mosque. In refer to mihrab, pulpit is 
always placed on the right side of it, and the mimbar is always placed on the other side. From the 
examination it has been seen that both pulpit and mimbar are placed in two different place: leaning on 
the side wall or aligned to the inner side of the women’s worship place being placed over mezzanine 
floor. It is seen that in %64 of case both of them are placed to be aligned to the inner side of the 
mezzanine floor.  

Interior finishing materials: Interior materials of examined mosques has been listed, the most 
commonly used indoor finishing  materials were brought forward and identified as the interior 
finishing material of the mosque to be modelled. (Table 2).  

 
Table 2: Interior finishing materials of the Contemporary Turkish Mosque  
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3.2 Acoustic Features  
The simulated acoustic values, for all ritual and occupancy cases in mosque, are presented in 

following tables.    
Table 3- RT values simulated for all ritual cases in empty, 30% ve 100% occupied mosque  

frequence 63 125 250 500 1000 2000 4000 8000 

empty  2,62 2,66 3,15 2,78 1,78 1,33 1,08 0,70 

30% occupancy  2,07 2,09 2,12 1,62 1,17 1,05 0,92 0,63 

100% occupancy 1,52 1,53 1,36 1,02 0,93 0,95 0,83 0,52 

Proposed RTopt 1,1-1,7 
 

Table 4- EDT values simulated for all ritual cases in empty, 30% ve 100% occupied mosque 

frequence 63 125 250 500 1000 2000 4000 8000 

empty  2,69 2,73 3,21 2,82 1,82 1,27 0,98 0,69 

30% occupancy  2,17 2,23 2,19 1,51 1,08 0,79 0,71 0,56 

100% occupancy 1,46 1,48 1,29 0,88 0,81 0,69 0,67 0,53 

Proposed EDT +/- 10% RT  
 

Table 5- D50 values simulated for Salah, Sermon and Khutbah Sermon rituals in empty, 30% ve 

100% occupied mosque 

frequence 63 125 250 500 1000 2000 4000 8000 

Sa
la

h 
 empty  0,29 0,29 0,27 0,31 0,37 0,50 0,56 0,68 

30% occupancy  0,36 0,35 0,39 0,52 0,54 0,62 0,66 0,74 

100% occupancy 0,45 0,44 0,50 0,64 0,61 0,65 0,66 0,73 

Se
rm

on
  empty  0,25 0,25 0,22 0,25 0,33 0,46 0,52 0,64 

30% occupancy  0,29 0,27 0,30 0,42 0,47 0,54 0,58 0,68 

100% occupancy 0,42 0,42 0,46 0,57 0,58 0,63 0,64 0,72 

K
hu

tb
ah

 

Se
rm

on
 empty  0,27 0,26 0,23 0,28 0,36 0,47 0,55 0,68 

30% occupancy  0,31 0,30 0,31 0,43 0,46 0,51 0,56 0,66 

100% occupancy 0,32 0,32 0,37 0,53 0,55 0,58 0,61 0,71 

Proposed D50 0.3-0.7 
 

Table 6- STI values simulated for Salah, Sermon and Khutbah Sermon rituals in empty, 30% ve 

100% occupied mosque 

Occupancy Salah Sermon Khutbah Sermon 

empty  0,49 0,44 0,46 

30% occupied   0,53 0,46 0,49 

100% occupied 0,54 0,52 0,45 

Quality Score <0.3: bad; 0.3-0.45: poor; 0.45-0.6: fair; 0.6-0.75: good; 0.75-1.0: excellent  
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Table 7- C80 values simulated for Salah, Sermon and Khutbah Sermon rituals in empty, 30% ve 

100% occupied mosque 

frequence 63 125 250 500 1000 2000 4000 8000 
Sa

la
h 

empty  -2,30 -2,40 -3,10 -2,00 0,00 3,00 4,60 7,80 

30% occupancy  -0,70 -1,00 -0,20 2,60 3,60 5,70 6,70 9,60 

100% occupancy 1,4 1,1 2,4 5,5 5,5 6,6 7,1 9,6 

Se
rm

on
 empty  -3,1 -3,1 -3,9 -3,1 -0,8 1,8 3,3 6,3 

30% occupancy  -2,1 -2,5 -1,8 0,8 2,4 3,9 4,8 7,6 

100% occupancy 1,1 1,0 2,1 4,2 4,2 5,6 6,6 9,3 

K
hu

tb
ah

 

Se
rm

on
 empty  -2,6 -2,8 -3,6 -2,6 -0,3 2,1 3,8 7,0 

30% occupancy  -1,6 -1,6 -1,5 1,1 2,1 3,1 4,1 7,0 

100% occupancy -0,1 -0,1 0,8 3,8 4,5 5,1 5,8 8,5 

Proposed C80 -1 to +3 
 
Since RT and EDT values do not depend on source position, related values simulated from sample 

mosque model were presented only according to different occupany statuses (empty, %30 and %100 
occupancy) of mosque (Table 3 and Table 4). Values simulated for other parameters (D50, STI, C80) 
were presented according to all ritual and occupancy cases in mosque (Table 5, Table 6 and Table 7).   

4. EVALUATION OF THE RESEARCH RESULTS 
In order to provide acoustic comfort conditions in mosques, the reverberation time should be 

provided between the recommended optimum values and it should be determined whether the sound 
distribution in the space is appropriate. Therefore, in the evaluation of simulated Turkish 
Contemporary Mosque Model, firstly RT and EDT values were examined. 

 It is seen that in empty mosque RT values are not among the optimum value range. However, it is 
seen that in %30 occupied and 100% occupied mosque RT values are close to requested ones. The 
reasons for long RT are related to wideness of volume of mosque, domed mosque ceiling and the 
reflectivity of interior finishing material. Due to the size and height of the dome, the focusing defect in 
the sample mosque has been eliminated, but due to its reflective properties, it sends long and very late 
reflections to the main area of mosque, causing acoustic defects such as echo and masking. However, 
as long as the mosque beside the intelligibility of speech, has to support clarity and liveliness of the 
Quran reciting, the long reflection time is beneficial in this sense. 

Early Decay Time is directly linked to RT and changes with RT changes. The EDT values of the 
simulated mosque remain within the limits of +/- 10%. Therefore, it is seen that the sound is uniformly 
distributed in the modelled mosque for all cases of occupancy. 

In the simulated mosque it is also seen that parameters over speech intelligibility D50 and STI have 
values that satisfy expectations: D50 suits the proposed optimum range and STI is characterized as 
“fair”. It is observed that as the number of people in the mosque increased, the D50 and STI values also 
increase. The reason for this is the increase in the total absorption of the space due to changes of 
occupancy rate in mosque. 

In the case of music liveliness described by C80 parameter it is seen that it does not provide the 
desired comfort. According to the occupancy rate of the mosque, the best values of C80 are obtained 
for Salah ritual when the mosque is %30 occupied. In the relevant case, the C80 parameter is found to 
suit the proposed optimum value range at low and medium frequencies.  Considering the fact that in the 
mosque the speaker / performer is always a man and male voice nature is to be low- pitched sound, the 
situation explaned above may be considered as suitable for the performance of the music.  In empty 
or %100 occupied mosque for Salah ritual and in all occupancy statuses of Sermon and Khutbah 
Sermon, during music performance disturbing situation occurs, the sound gets dry and enrichment of 
sound gets prevented.  
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5. CONCLUSIONS 
According to the datas compiled from contemporary Turkish mosque examination and the results 

obtained from of simulated sample mosque model having average characteristics of examined 
mosques, it was revealed that acoustic comfort conditions were not taken into consideration during the 
design phase. Although the contemporary mosques have been unconsciously designed in the meaning 
of acoustic, the simulated values (RT, EDT, D50, STI, C80) of the mosque's occupancy rate of %30 
and %100 are approaching the proposed optimum values. If it is considered that actual occupancy of 
the mosque is fully occupied during the Sermon and Khutbah Sermon, than the general acoustic 
comfort of the simulated mosque can be characterized as comfortable . However, depending on the 
interior planning and furnishing, there are acoustic shadow defect occurred in mosque; therefore, this 
comfort issue should be questioned for the whole space. Furthermore, among of all rituals in mosque 
Salah is the most performed one and importance of lively reciting Quran during this ritual is of great 
importance. Therefore, it is important to C80 values be among proposed optimum range. According to 
the results of this study it is seen that C80 vlues are not among the proposed optimum values for C80. 
Sound reflective domed ceiling inside the mosque causes echo and masking defect that is found to be 
one of the main reason for the C80 value not being as it s required.  

Finally, it is expected to the model of the Turkish contemporary mosque determined in this study, be 
used in further studies on mosque acoustics and in detailed researches on the clarity of music and 
speech intelligibility in mosque. 
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ABSTRACT 
The measurement method for diffuse field sound absorption (ISO 354) is troubled with low reproducibility, 
far worse than can be accepted in respect to design of spaces, control of quality and legal security. This is 
caused by deviations from the basic assumption for the relation between sound absorption and reverberation 
time: the presence of a homogeneous and isotropic sound field. Research has been done to increase and 
quantify the diffusivity of the sound field in the room.  
It was found that indeed it is possible to improve the diffusivity but the only reliable indicator of the 
diffusivity is the sound absorption of the sample itself. Only improving the room will not take away the 
differences between laboratories. An ISO working group has made a working draft for the revision of ISO 
354, that contains a qualification of the room with a minimum sound absorption of a reference absorber and 
correction of the outcome of every sample, based on the measurement result of the reference absorber. 
This working draft was circulated and commented. A basic outline of the method is presented as well as a 
summary of the comments given. 

Keywords: Sound absorption, ISO 354, Reverberation 

1. INTRODUCTION 
The measurement method for diffuse field sound absorption, ISO 354 (1) has some drawbacks, the 

most important one is the low reproducibility , far worse than can be accepted in respect to design of 
spaces, control of quality and legal security (2). The difference of measured αw of a specific product 
measured in two laboratories can be up to 0.1, which is equal to the difference between sound 
absorption classes A and B according to ISO 11654. This low reproducibility is caused by deviations 
from the basic assumption for the relation between sound absorption, volume and reverberation time 
(Sabine’s equation): the presence of a homogeneous and isotropic sound field. Research has been done 
to increase and quantify the diffusivity of the sound field in the room (2,5,6,7).  

It was concluded that qualification of a room should be done based on a minimum absorption of a 
reference sample and that a correction procedure would be needed based on the absorption of this 
reference sample. This is the basic outline of the a revision of ISO 354, a working draft (WD) has been 
circulated in 2018. In this paper we will present the main changes in this revision, as well as the main 
comments given on this draft.   

2. USING A REFENCE ABSORBER 

2.1 Qualification of the reverberation chamber 
An important step in reducing the inter-laboratory spread is standardizing an qualifying the 

reverberation chamber. The current standard contains a method of increasing the diffusers in the room 
until a maximum is reached. But by doing that a part of the volume can be decoupled (2) and 
rearranging the same number of diffusers may even further increase the absorption. Attempts were 
made to qualify the diffusivity of the sound field (3,5,6) but the conclusion was that the measurement 
of the sound absorption itself was the only good indicator (5,6). So the draft ISO 354 has a minimum 
requirement for the absorption of a reference absorber. 

This reference absorber was developed, based on the requirement of a sound absorption close to 1.0 
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for all frequencies. The reason for this is that for such a high sound absorption small differences the  
properties (like weight, thickness, air flo resistivity) have minor impact on the sound absorption. It was 
decided to choose a 200 mm (2x100) thick glass wool sample (8, 9). Although attempts have been 
made to derive the theoretical correct (“true”) absorption value, it is hardly possible to do so, mainly 
because of the unknowns in the edge effect (8). So the absorption of this reference absorber needed to 
be stated, see table 1. To equal out variations in (low) frequency third octave bands, the requirements 
are set in octave bands. 

Table 1 - Required absorption of the reference absorber (10.8 m2) 

2.2 Absorption correction factor γγ
After this minimum absorption value has been obtained, by increasing the sound diffusion in the 

chamber, a minimum diffusivity of the sound field is obtained. However, still differences between 
laboratories can occur, which might be frequency dependant as well. To level out these differences 
between laboratories the new standard contains a method to correct the measured absorption of test 
object by correcting for this excess of absorption:

( ) )(43,55 1122
11

1

22

2
12 mVmV

Tc
V

Tc
VAAAT −−−=−= γγγ (1) 

Where subscript 1=without sample, 2=with sample, V=Volume [m3], A=Absorption [m2], m=power 
attenuation coefficient [m-1], T=reverberation time [s] and γ is the absorption correction factor, based on the 
ratio of required absorption according to the measured absorption with the reference absorber As,ref:    

refsreq AA ,=γ (2) 

The qualification of the room is done for the standard position on the floor. Since there is a minimum 
requirement to the absorption (table 1), it follows that γ≤1 at this position. For other positions in the room, 
like for the wall (for example for measuring curtains), the reference value of the absorption with the 
reference absorber has also to measured. But for those positions there is not a minimum requirement. The 
absorption can be higher or lower than the values in table 1, resulting in a γ that can be lower, equal or 
higher than 1. 

From a round robin investigation with several samples, one of these being used as reference absorber, 
the reproducibility standard deviation was measured (2). Using the method shown in ISO 12999-2 (10), the 
uncertainty for a sample with α=1 was derived, after aplication of the correction method with formula (1) 
and (2), see table 2 and figure 1. The data on the 2003 version of ISO 354 are from (10). 
Table 2 - . Indication of the uncertainty under reproducibility conditions for absorptive materials with s≈1 

Octave band frequency [Hz] 125 250 500 1000 2000 4000 

Areq [m2] 10,3 10,6 10,9 11,1 11,1 11,1 

frequency [Hz] 100 125 160 200 250 315 400 500 630 800 1k 1.25k 1.6k 2k 2.5k 3.15k 4k 5k
ISO 354:2003 1) 0,255 0,195 0,155 0,125 0,105 0,09 0,075 0,065 0,06 0,055 0,055 0,056 0,055 0,056 0,057 0,062 0,07 0,086
ISO 354:2018 2) 0,267 0,142 0,124 0,076 0,063 0,029 0,041 0,028 0,037 0,029 0,031 0,023 0,024 0,028 0,029 0,025 0,047 0,015

0

0,1

0,2

0,3

0,4

100 200 400 800 1.6k 3.15k
frequency [Hz]

st
.d

ev
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n

ISO 354:2003 1)
ISO 354:2018 2)

Figure 1 - Indication of the uncertainty under reproducibility 
conditions for absorptive materials with s≈1 
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These results show that significant improvements in inter-laboratory variation are possible. Of 
course large scale studies are needed to obtain more reliable data on the reproducibility standard 
deviation. 

3. OTHER CHANGES IN ISO 354/WD 

3.1 Improvements regarding the reverberation chamber and test setup 

3.1.1 Linearity of the decay 
The diffusion of the reverberation chamber can be impoved by diffusing elements, either freely 

suspended or attached to ceiling and walls. In the latter case there is no doubt on the volume of the 
room, in the first case there is a risk that the volume behind the diffuser is decoupled. There are two 
requirements in the WD that intend to improve the diffusivity. First requirement is the already 
mentioned minimum absorption of the reference sample on the standard position, the second is a 
requirement regarding the linearity of the decay.  

Non linear decays may be caused by:  
- unbalanced damping modes within an third-octave band at low frequencies,  
- presence of (de)coupled spaces, for example behind diffusers, 
- insufficient diffusivity, resulting in different decays for horizontal and vertical sound fields,  
- influence of background noise in the last part of the decay,  
- incorrect ensemble averaging. 
The “double decay” or “curvature” Cm is determined by splitting the evaluation range of 30 dB into 

a top part (Tt) and a bottom part (Tb) of 15 dB:  

−= 1100
t

b
m T

TC  [%] (3) 

The average curvature should be less than can be expected based on the theoretical variation of the 
curvature, resulting from the statistical variation of the reverberation time (11):  

fT
Cm

294< (4) 

3.1.2 Sample size, maximum absorption, and volume   
 The sound absorption, especially for highly absorptive samples, is influenced by the edge-effect 

(or “area-effect”). That means that the sound absorption and sound absorption coefficient is dependant 
on the size and shape of a sample. For a good reproducibility the size of the sample should be fixed as 
much as possible. In the new standard the sample size of 10-12 m2 is maintained, but the correction of 
the upper limit in case of a larger chamber is removed. Also the correction for the maximum absorption 
in the empty room for larger room volumes is removed. Consequently a maximum of 300 m3 is 
introduced for the room size. The minimum recommended volume of 200 m3 is used as minimum, in 
view of the low frequency behaviour. A room volume between 200 and 250 m3 is recommended. 

3.1.3 Damping the room 
The bandwidth of room modes relates to the damping of the room mode. Damping the room modes 

will increasing the bandwidth, improve the overlap, resulting in a lower Schroeder frequency and 
better diffusivity at these frequencies. Especially considering the large standard variation at low 
frequencies (see figure 1) it is recommended in the WD to increase the sound absorption in the empty 
room until just below the maximum absorption values required in the standard. This can be done with 
tuned and damped plate absorbers.    

3.1.4 Sound sources 
Excitation of low frequency room modes can best be done from the corner. This prevents 

unbalanced room modes. Requirements for loudspeaker positions and uniform radiation are in a new 
Annex H.   
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3.2 Improvements in the measurement procedures 

3.2.1 Evaluation range 
The statistical variation of individual decays and therefore also the variation of the average 

reverberation time depends on the evaluation range D. For 20 and 30 dB range, and third octave bands 
with center frequency f, the expected spatial variance σ2 (for different source-mic positions, not 
including the effect of ensemble variation) is (12): 

D=20 dB: fTTs 8,2)(2 =σ (5a) 

D=30 dB: fTTs 09,1)(2 =σ (5b)

Because of the significantly lower variance, the evaluation range is increased from 20 to 30 dB.  

3.2.2 Interrupted noise 
The statistical fluctuating character of noise adds to the variance of the decays, this significantly 

contributes to the total variance of the average reverberation time, for 30 dB range (12): 

Nf
nTT /65,109,1)(2 +=σ (6) 

Where N=number of source-mic combinations and n=number of ensemble averages per source-mic 
position. The number of ensemble averages for interrupted noise method is increased from 3 to 6. 

The ensemble variation is further optimized by prescribing a time constant and ensemble averaging. 
The time constant of an exponential or linear averaging device should be close to T/20, thus 
maximising averaging in time domain, while still having sufficient samples for least square fitting. 
This frequency dependent time constant can be realised by post-processing.  

Ensemble averaging is done by averaging in time domain. This requires exact timing for the switch 
off point of the noise, otherwise a S-shape curve will appear.  

3.2.3 Integrated impulse 
The required backward (Schroeder) integration of the squared impulse response has a drawback: 

The tail of the decay is dominated by noise, and starting the backward integration at the start (end) of 
the slope truncates a relevant, triangular, energy part. The backward integration can be described by 
(13): 

( ) ( ) ( ) CdptE
t

t

+−= ττ
2

2 (7) 

where C is the truncated energy after t2. C can be calculated from the estimated reverberation time 
T̂ and the sound level 2tL  of the signal at time t2:  

82,13

ˆ
10 10/2

TC tL= (8) 

The estimated reverberation time can be derived from a first linear fit of the non integrated data.  

3.2.4 volume of the sample
The sample can take up a significant part of the volume of the chamber. A correction will be applied 

in case of samples larger than 2 m3, which corresponds roughly to a height of 20 cm. 

3.2.5 Temperature and humidity
Temperature and humidity can have influence on the reproducibility, as shown by (14). Increasing 

the lower limit for the humidity from 30% to 50% could be an option, but the risk is that with different 
conditions in the room and the environment short term fluctuations due to opening of doors can have a 
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strong negative impact. Rather than setting a lower limit to humidity, a requirement was added to limit 
the influence of environment conditions before and after the test to 3%: 

03,0/)(4 12 <− SmmV (9) 

3.3 Non normative annexes 
The new Annex A contains a recommendation that the measured statistical variation of the 

reverberation time, averaged over the frequency range from 250 to 3150 Hz, should not be more than 
the theoretical variation. The statistical variation is not a precise instrument for qualification of the 
diffusivity of the room, but it turns out to be a valuable tool to verify the accuracy of the chain. 

Though this may surprise, the sound absorption coefficient relates to sample size, as indicated in 
3.1.2. Annex D presents a method to estimate the sound absorption coefficient for other dimensions 
than measured in the laboratory, derived from (15) and described in (4).  

Optimal situation would be exactly to prescribe the measurement instrument: size, shape and 
materials of the reverberation chamber. Due to the existence of many rooms and investment costs 
related to changing these rooms, this is not feasible. Also there is no clear view on what the “perfect” 
shape of a reverberation room should be. So we have to settle with some design guidelines for new 
(and existing) rooms, that are given in Annex E of the WD. 

 Annex F gives a method to estimate the repeatability standard deviation (so within the laboratory) 
based on the variance of the measured reverberation times. Without doing additional measurements, an 
impression on the actual uncertainty can be obtained. This can be helpful as quality check, especially 
for low absorbing materials. 

  

4. COMMENTS ON THE ISO 354/WD AND DISCUSSION 
The WD was circulated and 103 comments were received. Several comments expressed support for the 

concept with a reference absorber. Nevertheless, the concept is new and quite different from the existing 
standard, so also questions arise, partly due to lack of knowledge of the underlying research. Also 
comments were received that are very usefull for further improvement of the document. 

Some of the most relevant comments are summarized below (rephrased). In italics the response or 
discussion on the comment is presented.  

- Is this the best possible absorber in terms of stability of material properties and in terms of 
acoustics ? The material is very stable, there is no other product proposed that fulfils the other 
criteria, with the same or better claim regarding stability. The high absorption ensures low 
sensitivity to small changes in product properties, see par. 2.1 and (8).   

- Is future delivery guaranteed ? There is no 100% guarantee, but the product already exists over 20 
years and continuation is very likely.   

- Shouldn’t we have also an “half-way” range absorber ? A “half-way” absorber has larger 
uncertainties regarding the “true” absorption value. Furthermore: the method with the reference 
absorber based on α=1 already gives an important, first order improvement of the results. Adding a 
“half-way” absorber would, at best, add a second order improvement. 

- The required “correction” is expected to be more for strongly absorbing samples, that influence the 
sound field, than for low absorbing samples. The correction is also relative: it gets smaller for low 
absorptive samples.   

- Could we use the absorber as reference for every measurement, in stead of the empty room ? That is 
an interesting option, in stead of comparing to a surface with α≈0 a comparison is made with a 
surface α≈1. It will introduce significantly more effort though, since the measurement with the 
reference absorber need to be done directly before and/or after measuring the test object. For the 
moment it is decided not to follow this route.  

- What is a good frequency to verify the absorption of the reference absorber ? Once a year seems too 
little. This seems a relevant point. It still has to be decided what could be a good interval. There is 
also the question on how to deal with the variation of consecutive measurements of the reference 
absorber.

- Procedural comment: A round robin is requested which does not fit into the time line so a delay is 
requested. This idea is supported by the working group. At this moment there is an Italian round 
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robin going on, that might give useful results for further progress with this standard. 
- The new ISO 354 will give other results than the 2003 version, some comments address that as a 

problem. This seems to be a logical result of changing a standard. However there is no systematic 
change expected. A possible disadvantage of a different outcome from testing a sample based on the 
new standard, is to be considered less important as the advantage of obtaining results that are much 
less depending from the actual laboratory where the measurements took place. Nevertheless, it will 
be allowed that additionally the results without correction γ will be reported by the laboratory.

- Since γ≤1 for the standard position, it is feared that future data will be systematically lower than the 
existing. This argumentation overlooks the fact that the required minimum absorption of the 
reference absorber (chamber qualification) pushes laboratories to improve the diffusivity in the 
room and get higher absorption values. So this is an upward drive for the measured sound 
absorption. So future data of products in specific laboratories may be either higher or lower than 
the exisiting data. 

- A fixed design for the reverberation room was requested (normative for new labs). This is an 
interesting suggestion and it would be good to do that, the main thing preventing us from doing so 
right know is not knowing what the best shape would be. 

- A considerable number of existing rooms are just outside the new range of 200-300 m3, these would 
be excluded in the new standard. It was decided to extend the range to 190-350 m3. 

- When adding low frequency absorption in the empty room, to arrive close to the maximum of 6,5 
m2 of absorption, the measurement accuracy for low absorbing samples is reduced (determination 
of the difference of two large numbers). Adding low frequency absorption improves the diffusivity of 
the chamber, this is expected to be more important than the numerical advantage of having a low 
absorption in the empty chamber. 

- There is a clear requirement on the temperature and humidity variation but measurement is only 
done before and after the series. This variation could also occur during measurements. A method is 
added to monitor the conditions during testing and a criterion will be added in that respect (1% 
deviation from the average of the series).   

- Some laboratories are afraid for the increased evaluation range of 30 dB, in respect to background 
noise. With normal, low background noise levels, proper sound profing of access doors and proper 
equipment this is should certainly not be a problem.    

- The calculation of the curvature is not available in commercial software. Not only this but also 
other steps in the procedure, such as the required time constant, ensemble averaging and truncation 
correction might not be available. This however can not be a reason not to improve the standard. 
After the standard is published, it is fair to assume that commercial software will follow.   

- The mentioning of the supplier of the reference absorber is undesirable. The product is described as 
much as possible by it specifications (partly even non-standardized properties). To limit the risk that, 
even with these specified properties, there will be differences in reference absorbers, the name of a 
supplier is mentioned in a note.   

- The normal incidence sound absorption of the reference absorber is given but there were comments 
on its values. More measurements will be done for verification, an average value will be 
incorporated. 

- Annex G, on the determination of the decay curve from the impulse response measurement 
corresponds largely to ISO 3382-2. Why is this annex needed ? The determination of t2 (end of 
slope-start of noise) an the truncation correction C are not clearly described in ISO 3382-2. 

- The new source position in the corner, is this needed ? Isn’t it possible to use the same loudspeakers 
as for sound insulation measurements ? Should it be 1 or 3 loudspeakers ? The positioning in the 
corner is needed for equal excitation of room modes. The 1 or 3 loudspeakers is just an example. 
The determining criterion is the uniform radiation.  

3996



5. CONCLUSIONS 
This paper describes the basic outline of the working draft of the new ISO 354. The main change is 

the use of a reference absorber. Preliminary investigations show that a significant improvement of the 
reproducibility standard deviation is possible. Further improvements will be made, based on the  
comments received and round robin data to be expected shortly. 
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ABSTRACT 
This paper describes the design principles underlying the Round Robin Test (RRT) carried out among the 
laboratories of the Sound Absorption working group of the Italian Standardization Body (UNI). In recent 
years, the determination of the measurement uncertainties in the fields of building and room acoustics has 
attracted increasing attention. In particular, sound absorption in a diffuse sound field might be difficult to 
determine, especially for very highly absorptive materials. Results coming from different laboratories cannot 
always be compared, due to differences in the actual sound field found in nominally equivalent facilities. 
During this RRT, carefully selected samples have been measured in the reverberation rooms of the different 
laboratories participating in the RRT according to standard ISO 354 in force as well as the newly proposed 
draft. The procedure will be presented in the paper. 

 

Keywords: Sound absorption, Reverberation room, Round Robin Test, ISO 354 

1. INTRODUCTION 
Measurement of sound absorption of materials and objects under diffuse field conditions is 

normally carried out (with the exception of some countries having alternative standards), according 
to ISO 354 “measurement of sound absorption in a reverberation room” (1). 

It is well known that there are many issues regarding the sound absorption measurement in a 
reverberation room, such as the diffusivity of the sound field (2, 3), the presence of diffusers (4), the 
use of the Sabine formula and the edge effect (5). With reference to the latter effect, the standard 
suggests some mitigating actions, and others have been developed in the scientific literature with 
                                                        
1 c.scrosati@itc.cnr.it 
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reference to larger samples (6, 7), but the problem still lacks a definitive solution. All the above-
mentioned issues lead to an increase in the dispersion of results (8) of sound absorption coefficient 
among laboratories. 

ISO 354 is currently under review (9) and many changes are proposed with the main purpose of 
improving the reproducibility of the results. 

However, the effects of these changes have not been studied in deeper detail and therefore, before 
expressing its agreement to the changes, the Italian Standardization Body mirror group 
(UNI/CT002/SC01/GL09) of ISO/TC43/SC02/WG35 decided to perform a Round Robin Test (RRT) 
in order to have experimental evidences supporting its decision. 

Another RRT is ongoing in the frame of the DENORMS cost action (Designs for Noise Reducing 
Materials and Structures), focusing on low frequencies, starting from 50 Hz (10). 

Among the different changes proposed, those included in this RRT deal with: 
• the use of a reference absorber, to be used to correct calculated absorption coefficients 

according to the ratio of the measured and expected absorption of the reference absorber; 
• the use of T30 instead of T20 for the evaluation of reverberation times based on the decay 

curves; 
• the minimum number of averages: 6 instead of 3, at each microphone/source position when 

using the interrupted noise method; 
• the damping of the room, which implies that the total absorption of the room should be 

closer to the “maximum” allowed limit; 
• the qualification of the room, based on the calculation of the mean value of the ratio 

between the standard deviation of measured T30 values and a limiting value suggested by 
the Draft (9), based on researches by Davy (11, 12, 13); 

• the sound source positions, which are now supposed to be always located at corners, using 
specifically designed loudspeakers. 

2. ROUND ROBIN TEST DESIGN 

2.1 Laboratories 
Eleven laboratories agreed to participate in the RRT. The geometric properties such as volumes, 

floor surfaces and drawings of laboratories are indicated in Table 1, together with the reverberation 
time (T20) as per ISO 354, of the empty room, averaged from 100 to 5000 Hz. 

Table 1 – geometric properties and mean reverberation time of the rooms 

Laboratory Volume, m3 Floor surface, m2 Empty room T20, s Drawings 

ITC 219.0 54.9 11.3 

 

INAIL 187.0 41.6 5.0 

 

University of 

Bologna 
286.0 83.3 6.4 
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Istituto Giordano 218.8 54.9 5.5 

 

CSI 191.0 42.1 5.8 

 

University of 

Padova 
211.0 38.0 11.4 

 

ZetaLab 161.3 43.0 4.7 

 

Elica, UNIVPM 250.0 49.8 8.4 

 

DICAR, PoliBA 200.0 45.4 7.3 

 

University of 

Ferrara 
252.5 49.5 4.6 

 

INRiM 294.0 59.5 10.0 

 

2.2 Samples 
The samples used for the purposes of a RRT, could consist in one individual object that is sent 

around the laboratories or in several identical objects sent to the different laboratories. In this RRT, 
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samples from the same production batch were sent to the different laboratories participating in the 
RRT. 

The sample used as reference absorber is a rock wool material, 70 kg/m3 density, 10 cm thickness, 
arranged in double-layer with a total thickness of 20 cm. The other samples used for comparison and 
calculation were a single layer (10 cm thick) of the same rock wool material mentioned above, and a 
polyester fiber matt, 2 cm thickness, density of 50 kg/m3. 

In order to avoid edge effects, a frame was used for both rock wool samples, 20 cm and 10 cm 
thickness. The frame was made in plywood, 18 mm thick, exactly as suggested by the ISO Draft (9). 
The RRT participants agreed not to use a frame for the polyester fiber sample, because of its small 
thickness. 

The surface area of each sample was 10.8 m2. 

2.3 Repetitions 
In order to calculate both the inter-laboratory and the intra-laboratory standard deviation, each 

laboratory participating in the RRT repeated each measurement five times for each sample, as 
specified in the RRT protocol; one repetition consisted in the measurement of the reverberation time 
with and without the sample in the room, performed directly one after the other. 

When possible, the 5 measurements had to be repeated in the same day, in order to keep the 
environmental conditions as constant as possible. In any case, temperature, relative humidity and 
ambient atmospheric pressure were constantly measured and their effect on measured parameters was 
compensated according to ISO 9613-1 (14). 

3. ROUND ROBIN TEST PROTOCOL 
A measurements protocol was sent to all laboratories. As the main goal of the RRT is the 

comparison between the precision of results measured with the standard ISO 354 in force (2003) and 
the ones measured following the changes proposed in the Draft, the protocol was divided into two 
main parts: “ISO 354” measurements and “Draft” measurements. 

A third additional part, regarding the qualification of the room according to ASTM C423-17 (15) 
was added, in order to better understand the diffusivity of the sound field in the rooms. 

3.1 ISO 354 measurements 
Each laboratory had to follow the procedure usually adopted for the measurements according to 

ISO 354. Each laboratory had to send to the RRT coordinator the following data, for each sample 
under test, for each repetition: 

− the reverberation time for both evaluation ranges, T20 and T30, with and without sample 
in the room; 

− the equivalent absorption area for both evaluation ranges, T20 and T30, with and without 
sample in the room; 

− the environmental conditions: temperature, relative humidity and ambient atmospheric 
pressure, with and without sample in the room; 

− the values of the sound absorption coefficient αs, the practical absorption coefficient αp 
and the weighted absorption coefficient αw. 

3.2 Draft measurements 
The Draft prescribes the use of customized loudspeakers positioned in the corners of the room. For 

the purposes of this RRT, the sound sources (dodecahedrons) normally used for the measurements 
pursuant to ISO 354:2003 were used in the corner positions. Some laboratories used one single 
loudspeaker facing the corner of the room. 

Each laboratory had to fulfill the following steps: 
− damping of the room; 
− qualification procedure; 
− measurement of the three samples. 

Each laboratory had to send to the RRT coordinator the following data: 
− materials and method used in order to damp the room; 
− the ratio of the measured and theoretical spatial standard deviation, fd, for both damped 

and non-damped room (if the case); 
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− for each repetition and for each sample under test the same data as the one listed in 
paragraph 3.1, for both damped and non-damped room (if appropriate); 

− a set of figures with sound energy decays, in order to estimate the proper signal-to-noise 
ratio in each significant frequency band (16). 

3.2.1 Damping of the room 
One of the main changes included in the Draft is the damping of the room. 
As in ISO 354 in force, the equivalent sound absorption area A of the empty room shall not exceed 

the value indicated in Table 2 for a room volume V=200 m3. It is an open discussion whether these 
values should or should not be related to the actual room volume, multiplying the value of Table 2 by 
the well-known formula of ISO 354: 

 (1) 

In the Draft, however, it is recommended to reduce the reverberation time in the room at the lower 
frequencies to obtain absorption values just below the values given in Table 2 (including the volume 
correction), for example around 6 m2 for the frequencies 100-315 Hz. 

Therefore, the laboratories participating in the RRT, had to damp their room to fulfill this 
requirement. However, not all the laboratories had to damp their room, because some of them already 
had an equivalent absorption area close to the maximum absorption area allowed. 

The laboratories that had to damp their room, repeated all the measurements of this part of the 
protocol (draft measurements) for both damped and non-damped room. 

Table 2 – Maximum equivalent sound absorption areas for a room volume V=200 m3 

Frequency, Hz Maximum A, m2 Frequency, Hz Maximum A, m2 

100 6.5 800 6.5 

125 6.5 1000 7.0 

160 6.5 1250 7.5 

200 6.5 1600 8.0 

250 6.5 2000 9.5 

315 6.5 2500 10.5 

400 6.5 3150 12.0 

500 6.5 4000 13.0 

630 6.5 5000 14.0 

 

3.2.2 Qualification procedure 
The qualification procedure included in the Draft (appendix A) had to be performed, with the 

diffusers in the room, to determine the relative standard deviation of the reverberation time with the 
reference absorber at the normal measuring position. When using the interrupted noise method, at 
least 18 reverberation time measurements had to be done for each source-microphone combination. 

In the Draft, it is recommended that the ratio of the measured and theoretical spatial standard 
deviation of reverberation time, fd, be less or equal to 1. 

3.2.3 Reference absorber 
The idea behind the use of a reference absorber is that “when using a standard absorber the average 

result may be used as a reference for correction measurement result of other samples, based on the 
difference of the measured absorption of the reference absorber and the average absorption of the 
absorber” (17). The values of the sound absorption coefficient of the reference absorber are indicated 
in the Draft and shall be used to calculate the absorption correction factor γ. In this RRT, a different 
material was used instead of the reference absorber (glass wool) indicated in the Draft: the double-
layer rock wool, mentioned above. Thus, since the true value of the measurand is not known, it is 
necessary to use an estimated value, which was assumed to be the inter-laboratory mean value coming 
from the RRT. 

In accordance with the prescriptions of the Draft, the reference absorber value was determined 
with the damped reverberation rooms. Then, in order to calculate the sound absorption values of the 
RRT samples (the single-layer rock wool and the polyester fiber) the average sound absorption value 

4002



 

 

of the reference absorber (double-layer rock wool) was first evaluated (best-estimated value), and then 
used to find the value of the calibration factor γ for each laboratory. 

4. CONCLUSIONS 
This paper illustrates the design principles of the Italian Round Robin Test on reverberation rooms. 

The laboratories participating in the RRT are listed, along with their volume and floor surface, and 
the samples measured are indicated. The type and number of measurements included in the protocol 
are listed in order to compare the precision of the results obtained following the prescription of ISO 
354 in force with that of the results obtained in accordance with the Draft. 
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ABSTRACT 
The uncertainty of absorption measurements in reverberation rooms is considered to be unacceptably large 
for certain applications. A long-discussed possibility to reduce the uncertainty is to measure the absorption 
relative to the known or defined absorption of a reference absorber. To check this approach, measured 
absorption coefficients from a large data base with round robin results are explored. This check is possible 
because several different specimens have been measured in the same set of reverberation rooms in some of 
the round robins. Furthermore, a special reference absorber has been proposed recently. This material was 
used for a comparison measurement at PTB. About 10 different laboratories measured the sound absorption 
of the proposed reference absorber, using their own measurement equipment and data analysis, in one of 
PTB’s reverberation rooms. Additional investigations involved measurements of the reference absorber and 
some other specimens in two different reverberation rooms at PTB. Measurement and analysis results are 
presented and discussed in view of the current proposals for the revision of ISO 354. 
 
Keywords: Sound absorption, reverberation room 

1. INTRODUCTION 
The uncertainty of absorption measurements in reverberation rooms can be estimated according to 

(1 and 2). There, many round robins are statistically analysed, and the results are compressed into a 
simple numerical estimate for the standard deviation of reproducibility and repeatability. It is planned 
to incorporate this method in a possible future international standard  ISO 12999-2, which is now under 
development. Nevertheless, this is a mere description of the current situation and there is no possibility 
to reduce the uncertainty which could be deduced from (1 or 2).  

One proposal for reducing the uncertainty is the application of an appropriate reference absorber. 
This could be used for at least two different purposes. The first is to adjust a reverberation room in a 
certain manner. In the current ISO 354 (3), such a procedure is prescribed. A highly absorbing 
specimen is to be placed in the reverberation room and its absorption is to be measured with an 
increasing number of diffusors. The number of diffusors required for a maximum measured absorption 
is then to be used for all other specimens. A current proposal for revising ISO 354 is to prescribe one 
particular reference absorber, and to require that reverberation rooms are adjusted to yield a given 
minimum absorption. This is a much stronger requirement than in the current standard which is hoped 
to reduce the overall spread of measured sound absorptions.  

Another application of a reference absorber would be to generally refer all measured absorption 
coefficients to the measurement results obtained with the reference absorber individually in each 
laboratory. This would reduce the spread of the measurement results if the uncertainty of the correction 
is sufficiently small. This is checked in this contribution in chapter 2 using existing round robin data.  

To gain experience with the proposed reference absorber, PTB included sound absorption 
measurements into the comparison measurements. The participation in these measurements is 
compulsory for laboratories recognised by DIBt – the highest German building authority. A list of 
these laboratories is found under https://www.schall-pruefstellen.de. Usually, there are further 
companies and institutions with own laboratories, which voluntarily take part in the comparison 
measurements. So, different teams come to PTB’s reverberation room and measure the sound 
absorption of the identical reference absorber using their own equipment. Results from these 
measurements are reported in chapter 3.  

                                                        
1 volker.wittstock@ptb.de 
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Finally, absorption measurements in two different reverberation rooms at PTB were performed 
with the proposed reference absorber and several other absorbers. Results from these measurements 
are reported in chapter 4. 

 

2. ANALYSIS OF EXISTING ROUND ROBIN DATA 

2.1 Existing data sets 
To check whether a reference absorber may be useful, only the round robin data where more than 

one product was measured in the same set of reverberation rooms can be used. An overview on such 
data sets is given in table 1. It is a subset of data from earlier investigations (1 and 2). It is considered 
that all these measurement results were obtained applying the procedure of ISO 354 (3). Measurement 
results from (7) were obtained following ASTM C 423 (8), nevertheless, in terms of uncertainty these 
results matched the ISO-results quite well (1). Therefore, this data set is also included in the analysis.  

 
Table 1 – Round robins with more than one test object measured in the same set of reverberation 

rooms 
Year Object Number of rev. rooms Organisation 

2011 

15 mm wetfelt panel (x) 22 
CEN TC 126 

WG 11 (4) 
50 mm glass wool panel  22  

12,5 mm perforated plaster board panel  22  

2009  

100 mm mineral wool (x) 13  

PEUTZ (5)  
„Dam board“ plywood/mineral wool  13  

18 mm plywood on 100 mm mineral wool  13  

33 mm Foam  13  

2006  
Ceiling system, Mounting Type A (x)  16  

ASTM (6) 
Ceiling system, Mounting Type E400 12  

1974 

10 Baffles of mineral wool 11  

Nord-Test (7) 

50 mm mineral wool (x) 12  

50 mm mineral wool on battens 12  

6 mm hardboard on battens  11  

perforated gypsum board  12 
 

2.2 Correlation analysis 
For a first check, possible correlations were explored by plotting the measured sound absorption 

for one specimen as a function of the sound absorption for another specimen. Some examples are 
shown in Figure 1 and 2. In these graphs, each data point represents one specific laboratory which 
performed measurements with the two mentioned specimens. When all points would be in a straight 
line, strong correlation would occur between the measured absorption coefficients for different 
specimens. This would mean that each laboratory would always measure with a certain offset which 
could be compensated for e.g. by using a reference specimen.   
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Figure 1 – Scatter plot between absorption coefficients of the wetfelt and the perforated plaster 

board from [4], measured in different reverberation rooms, left graph: 125 Hz, right graph: 1 kHz 

 
Figure 2 – Scatter plot between absorption coefficients of the 50 mm mineral wool and the 

mineral wool baffles from [7], measured in different reverberation rooms, left g raph: 125 Hz, right 
graph: 1 kHz 

 
Measurement results are available in one-third octave bands. The visual correlation analysis was 

performed in octave and one-third octave bands where the former was calculated by linearly averaging 
the three one-third octave band sound absorption coefficients which belong to the corresponding 
octave band. 

Observed correlations cover a large spread. Many graphs show a considerable degree of correlation 
like presented in Figure 1. There are other examples where there is no correlation at all like presented 
in Figure 2. Correlations are detected for the octave band and for the one-third octave band values. 

A statistical descriptor for the correlation is the correlation coefficient 

 (1) 

which was calculated for all cases of table 1. The test specimen chosen as the independent variable 
x is marked in table 1 by (x). Observed correlation coefficients are sometimes negative or close to 
zero (Figure 3), but many of them indicate a significant degree of correlation. Performing the analysis 
in octave bands smoothens the curves considerably and it increases the correlation coefficient  in most 
cases. 
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Figure 3 – Correlation coefficients calculated from measured absorption coefficients for all data 
from table 1, left hand side: one-third octave band values, right hand side: octave band values     
 

2.3 Application of a reference absorber correction 
A correction of the measured absorption coefficients would reduce the spread of the results if the 

correlation as described in clause 2.2 would be sufficiently large. This is tested by applying the 
correction  

 (2) 

where  is the absorption coefficient of a certain specimen measured in laboratory i,  is the 
absorption coefficient of the reference specimen measured in laboratory i and  is the reference value for 
the absorption coefficient. For the analysis, the latter is chosen to be the mean value from all laboratories in 
the round robin. The reference specimens are those marked by (x) in table 1. 

  
Figure 4 – Ratio between standard deviations of the corrected sound absorption coefficients to 

the standard deviation of the direct measurement results, left hand side: correction with one-third 
octave bands, right hand side: correction with octave band values for the reference absorber    

 
The correction according to eq. (2) was applied, and the standard deviation of the corrected 

absorption coefficients was calculated. This standard deviation was divided by the standard deviation 
of the uncorrected absorption coefficients to see the change. When the whole calculation is performed 
in one-third octave bands, there are many cases where the standard deviation is significantly reduced 
(Figure 4, left hand side). But there are other cases where it increases. Omitting the worst cases, the 
ratio of standard deviations is roughly between 0.5 and 2.0. Correcting the measured one -third octave 
band absorption coefficients  with octave band values for the reference absorber  and  
gives a slightly smaller ratio of standard deviation, i.e. it improves the effect of the correction. 

Since there is no general dependency on frequency observed, neither for the correlation coefficients 
(Figure 3) nor for the standard deviation ratio (Figure 4), it is rather interesting to explore which correlation 
coefficient is required for a reduction of the standard deviation. The corresponding graph (right hand side of 
Figure 5) shows that correlation coefficients above 0.8 guarantee a reduction of the standard deviation. For 
smaller correlation coefficients, increased or reduced standard deviations are observed.  
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Another interesting question is whether the reference absorber should have a similar absorption as the test 
specimen. From the right-hand graph of Figure 5, it can be seen that the largest reductions of the standard 
deviation indeed occur for an -ratio of 1. Nevertheless, a similar absorption coefficient between the 
specimen under test and the reference absorber does not guarantee a reduction of the standard deviation. 

 
Figure 5 – Ratio between standard deviations of the corrected sound absorption coefficients to 
the standard deviation of the direct measurement results, left hand side: as a function of the 

correlation coefficient, right hand side: as a function of the ratio between the absorption coefficient 
and the absorption coefficient of the reference absorber    

 

3. Comparison measurements at PTB 
Measurements are performed in PTB's non-rectangular reverberation room. The room volume is 

204 m³, the surface area is 210 m². The room is equipped with altogether 7 diffusors with a size of 
2,4 m² (one-sided) which were arranged according to the procedure of ISO 354 (3). Furthermore, 
additional low-frequency damping was added to achieve sufficient modal overlap at low frequencies.   

Each measurement team had the task to determine the absorption coefficient of a given test 
specimen according to ISO 354 (3). The arrangement of diffusors and additional absorption was not 
to be changed by the participants. Nevertheless, loudspeaker and microphone positions as well as the 
position of the test specimen had to be chosen by the participating acousticians. Each team used its 
own measurement equipment, i.e. loudspeaker, microphones and sound analysers. For test purposes, 
the frequency range of measurements was extended to one-third octave bands from 50 Hz to 10 kHz.   

The test object is the currently proposed reference absorber. It consists of mineral wool panels of 
1.2 m x 1.2 m x 0.1 m. These panels are to be installed by each measurement team on the floor of the 
reverberation room to give an absorbing element of 3.6 m x 3.0 m x 0.2 m. To reach these dimensions, 
some panels had to be cut which was done by PTB. All teams used the same set of panels. A 19 mm 
core board frame is provided by PTB so that the participants can cover the edges of the absorber.  

The absorber is stored in the hall where the reverberation room is situated. Climatic conditions in 
this hall and in the reverberation room are very similar since there is no air-conditioning installed. All 
participants performed their own calculations based on their own measurement results. Only the 
volume of the reverberation room was provided since it is difficult to determine. 

During the measurements, the static pressure was between 996 hPa and 1025 hPa, the temperature 
between 291 K and 296 °C and the relative humidity between 35 % and 49 %. 

In general, measured absorption coefficients are within a relatively narrow range (Figure 6, left 
hand). At the lowest frequencies from 50 to 80 Hz, the scatter is surprisingly small whereas it is 
significantly larger at 100 Hz and 200 Hz. At 100 Hz, measured absorption coefficients cover the very 
large range between 0.35 and 0.85. For medium frequencies, the scatter range becomes narrower. 
Starting from about 4 kHz, it increases again, probably due to the air damping effect.  

With the exception of 100 Hz and 200 Hz, the standard deviation of the measured absorption 
coefficients is much smaller than the standard deviation of reproducibili ty calculated by (1), see Figure 
6, right hand. This result was expected, since the reproducibility standard deviation is considered to 
be caused mainly by the differences of the reverberation rooms. It is furthermore interesting to notice 
that the standard deviation from PTB's comparison measurement is very close to the repeatability 
standard deviation estimated from (1) with the mentioned exceptions. This indicates that the exact 
choice of microphone and loudspeaker positions as well as the measurement equipment and evaluation 
algorithms for the calculation of reverberation time are only of minor importance for the overall 
uncertainty. The main influence seems to be the reverberation room itself.  
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Another interesting question is how important the correction for air absorption is. To test this, the 
absorption coefficient was calculated from the directly reported reverberation times assuming the 
same environmental conditions for the measurement with and without the specimen in place. This is 
identical to the assumption of a constant air damping. The standard deviation of these absorption 
coefficients is identical to the one with air damping correction included (Figure 6, right graph). 

 

 
Figure 6 – Sound absorption coefficients measured by 12 independent teams in PTB’s non-

rectangular reverberation room (left hand side) and standard deviation of the results compared to the 
standard deviation of reproducibility and repeatability calculated by (1) 

 
Figure 7 shows the total absorption area calculated from the mean reverberation times measured 

by all participants with and without the test specimen. Furthermore, the absorption areas corrected for 
air absorption A1 (without specimen) and A2 (with specimen) are shown as reported by the 
participants. The error bars indicate the standard deviation of the reported absorption areas. Since the 
difference of these two values has to be calculated, it is obvious that the result has a large uncertainty 
at high frequencies due to the large error bars in this range. The maximum absorption mentioned in 
ISO 354 (3) is also displayed. The additional low-frequency damping is adjusted to be close to that 
value to increase the modal overlap at low frequencies for the measurements without the specimen.  
Nevertheless, the equivalent absorption area A1 is below the maximum absorption area at all 
frequencies.  

 
Figure 7 – Total equivalent absorption areas with and without specimen, equivalent absorption 

areas corrected for air absorption A1 (without specimen) and A2 (with specimen): mean values and 
standard deviation calculated from participant's data and maximum equivalent  absorption area given 

in ISO 354 (3) 
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4. Additional measurements in two reverberation rooms at PTB 
The measurements were performed in two different reverberation rooms at PTB. One is the non -

rectangular reverberation room (NRR) described in clause 3.1. The other room is the rectangular 
reverberation room (RRR) with a volume of 237 m³ and a surface area of 246 m². The room is equipped 
with a rotating diffusor which rotates at 20 rpm during the measurements and has a surface area of 
24 m² (both sides). 

Test specimens are the reference absorber and additional specimens. One further specimen 
consisted of commercially available high density mineral wool panels. The nominal size of one panel 
is 600 mm x 600 mm x 15 mm. An array of 5 x 6 panels with a total surface of 10,6 m² was used. For 
a next set of tests, 12 specially designed absorbers were employed. These consist of a 1000 mm x 700 
mm x 125 mm metal frame filled with a special polyester fleece material. One side is covered with a 
wooden panel of 16 mm (5 Absorbers) or 8 mm (7 Absorbers) thickness. In a first series, these 
absorbers were installed in a 4 x 3 array to create a plane absorber with a surface area of 8,6 m². The 
absorbers were arranged in three different configurations: 1.) All open sides facing upward; 2.) As a 
chequerboard pattern with 6 covered sides (all 8 mm panel) facing upward; 3.) All covered sides facing 
upward. In a second series, always two absorbers were placed together on edge (long side) to create 
six individual objects, which were distributed randomly in the reverberation room. Again, three 
different configurations were employed: 1.) all uncovered sides fac ing outward; 2.) Six covered sides 
(all 8 mm panels) facing outward; 3.) All covered sides facing out ward. For this series, the equivalent 
absorption area A and the absorption coefficient obj according to ISO 20189 (9) were calculated. 

 
Figure 8 – Left-hand side: measured absorption coefficients, solid curves: non-rectangular 

reverberation room, dashed curves: rectangular reverberation room, colour code in the right graph, 
right-hand side: difference related to uncertainty for directly measured absorption coefficients 

 
Figure 9 – Left-hand side: difference related to uncertainty for directly measured absorption 

coefficients, right-hand side: probability density functions of the differences related to uncertainty  
 

Due to the variety of absorbers used, measurement results cover a large range of absorption 
coefficients (left graph of Figure 8). The difference of the measured absorption coefficients from both 
rooms was related to the uncertainties by 

 (3) 

where the uncertainties were estimated by the standard deviation of reproducibility from (1).  
The results from both rooms clearly exhibit significant systematic deviations below 2 kHz (right 

graph of Figure 8). The rectangular reverberation room usually gives the larger results with the 

g y y p
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exception of the 125 Hz one-third octave band. Nevertheless, measured absorption coefficients are 
not really discrepant in view of the uncertainties. With the approach from eq. (3), about 95 % of the 
measurement results should be in the interval of ± 2,0. The observed percentage is 94 %.  

Referring measured absorption coefficients to the absorption coefficients of the reference absorber 
in one-third octave bands introduces a positive shift to the results (left graph of Figure 9). An ideal 
result is obtained at 125 Hz. The systematic deviation between both rooms is eliminated by the 
correction at that frequency. At other frequencies, e.g. at 200  Hz, the systematic difference becomes 
larger by the correction. Since eq. (3) removes the main influences of frequency and magnitude of the 
absorption coefficient, results from all frequencies and test specimens were compressed into 
probability density functions (pdfs) for  (right graph of Figure 9). It can be seen from the pdfs that 
the mean value is shifted by referring the measured absorption coefficients to the reference absorber 
data in one-third octave bands from -0,6 to 0,2 whereas the standard deviation is reduced from 0,8 to 
0,7. The effect of a correction with the octave band results of the reference absorber is nearly identical 
(also shown in the right graph of Figure 9). This demonstrates that the systematic difference between 
both rooms is significantly reduced whereas the statistical scatter is not changed significan tly.   

5. CONCLUSIONS 
Round robin test results as well as additional measurements from two reverberation rooms at PTB 

suggest that the application of a reference absorber for correcting measured absorption coefficients 
may reduce systematic differences between laboratories. Further research has to show to which extent 
the uncertainty is decreased and whether the additional effort is justified.  

Comparison measurements at PTB furthermore revealed that the spread of the measured absorption 
coefficients is relatively small when different measurement teams come to the same reverberation 
room and perform measurements without changing the room. This indicates that the exact choice of 
microphone and loudspeaker position as well as the algorithm for the calculation of reverberation time 
are only of minor importance.  

ACKNOWLEDGEMENTS 
The provision of the reference absorber by Ecophon is gratefully acknowledged. Furthermore, the 

authors thank the laboratories which participated in PTB's comparison measurement for the absorption 
coefficient in 2019. 

REFERENCES 
1. Wittstock, V.: Determination of measurement uncertainties in building acoustics by interlaboratory tests 

Part 2: Sound absorption measured in reverberation rooms. Acta Acustica united with Acustica: 104 
(2018), 999 - 1008 

2. Wittstock, V.: Uncertainty of sound absorption measurement in reverberation rooms: practical absorption 
coefficient and and single number value according to EN 1793-1. DAGA 2019, Rostock, 18.-21. März 
2019 

3.  ISO 354, Acoustics -- Measurement of sound absorption in a reverberation room, 2003 
4.  A.-C. Thysell: Test Codes for suspended ceilings. – Sound absorption RRT. Tyrens AB project no. 

224628, 2011 
5.  D. Tompson, M. Vercammen: Round robin project. PEUTZ B.V., 2009 
6. Interlaboratory Study to establish precision statements for ASTM C423, Research Report E33-

1010, ASTM, 2006 
7.  Internordisk Jämförelsemätning av Ljudabsorptionsfaktorn, SP-Rapp. 1974: 30 
8.  ASTM C423 - 09a Standard Test Method for Sound Absorption and Sound Absorption Coefficients by 

the Reverberation Room Method  
9.  ISO 20189:2018 Acoustics -- Screens, furniture and single objects intended for interior use -- Rating of 

sound absorption and sound reduction of elements based on laboratory measurements 
 
 
 

4011



The effect of absorber placement on absorption coefficients obtained from
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Abstract
The standard procedure of sound absorption measurements in reverberation chambers relies on the well-estab-
lished reverberation theory, which assumes isotropic sound incidence on the absorbing specimen. Yet, due to the
non-uniform placement of absorbing material in the room, this condition cannot be fulfilled in practice. Some
angles of incidence are emphasized over others, especially at low frequencies. The current practice to obtain
a more isotropic distribution of sound incidence is to install sound scattering elements in the form of panel or
boundary diffusers. However, recent studies have shown that in spite of the presence of scattering elements,
the sound field incident on the sample is not isotropic. This study investigates the effect of different absorber
placements on the decay rates and absorption coefficient values. Measurements are conducted in a reverberation
chamber with absorbers mounted in the corners and edges of the room. Such setup is expected to allow for a
more uniform distribution of sound incidence, leading to increased decay rates. In this work we will discuss if
such mounting setup should be added to ISO 354.
Keywords: Absorption coefficient, reverberation chamber

1 INTRODUCTION
This work investigates the influence of the placement of absorbers in a reverberation chamber on the decay
rates. The typical test situation according to ISO 354 [1] renders the establishment of a diffuse sound field
rather difficult because the absorber is placed on a single surface of the chamber. Although diffusing elements
like boundary or panel diffusers prove to be very useful in increasing the sound field diffusivity, the optimum
state of diffusion is rather ambiguous [2]. The use of the well known reverberation formula [3] to calculate
the absorption coefficient requires a diffuse sound field and an even distribution of absorption in the room.
This yields a challenging task, since the state of diffusion is not quantifiable and the test specimen is usually
placed on a single surface. Investigations on the dependence of decay rates on the wall diffusion have been
carried out in Ref. [4], where the author simulated sound decays for various conditions. Simulation results
showed that the placement of the absorber on three walls perpendicular to each other provides a test setup in
which the decay rates are less sensitive to the state of diffusion than in the case when the absorber is placed
on a single surface. Less sensitive means in this case that the decay rates do not change with the state of
diffusion and that the energy decay curves are linear, when plotted on a logarithmic axis. Yet, splitting the
absorber apart and placing it on three different walls most likely increases the edge diffraction of the absorber
[5]. Besides, the energy density in room edges is higher than far away from the walls, which can lead to an
increased absorption coefficient at low frequencies [5]. Despite those difficulties, the question remains if an
improved absorber placement can lead to more reliable measurements in the reverberation chamber. For the
past decades multiple round robin test have pointed out the poor interlaboratory reproducibility of absorption
coefficient measurements [6, 7]. The aim of this investigation is to analyze five different absorber placements
and the influence of three different diffuse field conditions on the decay rates experimentally. Measurements are
carried out in a rectangular reverberation chamber and impulse responses are measured when the absorber is
placed in a typical testing situation as well as split apart and spread in the edges of the room. The amount of
diffusion is varied by changing the number of panel diffusers in the chamber.
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2 MEASUREMENTS
Measurements are carried out in a box-shaped reverberation chamber (V = 245 m3) at the Technical University
of Denmark in Lyngby. The box-shape is chosen to compare a sound field with the least amount of diffusion
(where no panel diffusers are installed) to a configuration with increased diffusion (with six additional panel
diffusers) and to a configuration which complies with the current standard for absorption measurements (with
20 panel diffusers randomly hung from the ceiling) [1]. Figure 1 shows the empty chamber as well as five
different mounting setups. The setup ’Iso’ corresponds to the typical test situation according to ISO 354, where
the absorber (S = 3 m x 3.6 m = 10.8 m2) is placed on the floor with covered edges. Then the absorber is split
apart into three patches (each S = 1.2 m x 3 m = 3.6 m2, setup ’Split’), leading to an increased edge length.
In the next step the three patches are distributed on the floor in the room edges, as shown by setup ’1D’. In
the next configuration ’2D’, one of the patches is set upright, so that only two patches remain on the floor. The
last setup ’3D’ shows the three patches distributed on three different walls.

Figure 1. Measurement setup: empty chamber and five different configurations of absorber placements.

Impulse responses are measured at 12 independent source receiver positions and energy decay curves are calcu-
lated by applying the Schroeder backwards integration to the squared impulse response. 12 energy decay curves
are averaged to obtain a single decay curve for every octave band from 125 Hz to 4 kHz.

3 RESULTS AND DISCUSSION
Figure 2 shows the energy decay curves of the empty chamber without the absorber for the octave bands from
125 Hz to 4 kHz for three different diffuser setups (0, 6, and 20 panel diffusers randomly hung from the
ceiling). The dashed red line shows a linear decay, which indicates if the decay curves are multiple sloped
when plotted on a logarithmic axis. Independent of the amount of diffusers installed, the energy decay curves
are multiple sloped at low and high frequencies (125 Hz, 250 Hz, 2 kHz, 4 kHz). At 500 Hz and 1 kHz
the energy decay curves are mostly linear. With increasing number of diffusers, the decay rates decrease at all
frequency bands. Figure 3 shows the energy decay curves of the setup ’Iso’, where the absorber is placed on
the floor according to ISO 354. At 125 Hz, 250 Hz, and 4 kHz the energy decay curves are multiple sloped,
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independent of the amount of diffusers installed. At 500 Hz, 1 kHz and 2 kHz the energy decay curves are
mostly linear when the amount of diffusers is increased. With increasing number of diffusers, the decay rates
decrease at all frequency bands.
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Figure 2. Comparison of energy decay curves in the empty reverberation chamber without the absorber. The
amount of diffusers is varied between 0, 6 and 20 panel diffusers randomly hung from the ceiling. The dashed
red line indicates a linear decay.
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Figure 3. Comparison of energy decay curves at setup ’Iso’. The amount of diffusers is varied between 0, 6
and 20 panel diffusers randomly hung from the ceiling. The dashed red line indicates a linear decay.
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Figure 4. Comparison of energy decay curves at setup ’Split’. The amount of diffusers is varied between 0, 6
and 20 panel diffusers randomly hung from the ceiling. The dashed red line indicates a linear decay.
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Figure 5. Comparison of energy decay curves at setup ’1D’. The amount of diffusers is varied between 0, 6
and 20 panel diffusers randomly hung from the ceiling. The dashed red line indicates a linear decay.

Figure 4 shows the energy decay curves of the setup ’Split’, where the absorber is split into three patches and
placed in the middle of the floor. The characteristics of the energy decay curves are similar to the setup ’Iso’,
but the decay rates are decreased when the absorber is split apart. Figure 5 shows the energy decay curves of
the setup ’1D’, where the absorber is distributed on the floor in the edges of the chamber. The characteristics
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of the energy decay curves are similar to the previous setups. At low frequencies the curves are multiple sloped
but at 250 Hz the initial decay seem to be less dependent on the amount of diffusers installed. Figures 6 and
7 show the setups ’2D’ and ’3D’, where the three patches are distributed on two and three walls respectively.
Again, the decay curves behave similarly. At low frequencies the decay curves are still multiple sloped.

0 1 2 3 4 5

-40

-30

-20

-10

0

d
e
c
a
y
 l
e
v
e
l 
[d

B
]

125 Hz . 2D

0

6

20

0 1 2 3 4

-40

-30

-20

-10

0
250 Hz . 2D

0

6

20

0 1 2 3

-40

-30

-20

-10

0
500 Hz . 2D

0

6

20

0 0.5 1 1.5 2 2.5

time  [s]

-40

-30

-20

-10

0

d
e
c
a
y
 l
e
v
e
l 
[d

B
]

1 kHz . 2D

0

6

20

0 0.5 1 1.5 2 2.5

time  [s]

-40

-30

-20

-10

0
2 kHz . 2D

0

6

20

0 0.5 1 1.5 2

time  [s]

-40

-30

-20

-10

0
4 kHz . 2D

0

6

20

Figure 6. Comparison of energy decay curves at setup ’2D’. The amount of diffusers is varied between 0, 6
and 20 panel diffusers randomly hung from the ceiling. The dashed red line indicates a linear decay.
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Figure 7. Comparison of energy decay curves at setup ’3D’. The amount of diffusers is varied between 0, 6
and 20 panel diffusers randomly hung from the ceiling. The dashed red line indicates a linear decay.
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In Fig. 8 different absorber setups are compared for each frequency band and diffuser state. In all configuration
the setup ’3D’ results in the shortest decay rates, indicating that most of the energy is absorbed when the
absorber is spread on three surfaces. Even at high frequencies the decay rates can be decreased when the
absorber is distributed on three walls. The greatest differences between the decay rates of different absorber
setups can be observed at low frequencies, when no diffusers are present.
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Figure 8. Comparison of absorber placements for each octave band and each diffuser configuration
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3.1 Difficulties with comparing absorber setups
Difficulties arise from the boundary effects due to the increased energy density at the rigid wall, usually referred
to as ’Waterhouse effect’ [8]. It takes into consideration that the square of the sound pressure amplitude in front
of a rigid wall exceeds its value far from the wall. The same holds for the energy absorbed per unit time and
area by the test specimen which perpendicularly adjoins the wall. To account for this effect, the geometrical
area S of a test specimen can be corrected with [5]:

Seff = S+
1
8
·L′ ·λ , (1)

where λ is the wavelength corresponding to the centre frequency of the selected band, L′ is the length of
the edges adjacent to perpendicular walls. When the absorber patches in this investigation are split into three
parts and distributed in the room edges, as it is done in configurations ’1D’,’2D’, and ’3D’, the total length
corresponding to L′ is 9 m. The corrected geometrical area is shown in tab. 1, where the effect is most
prominent at low frequencies.

Table 1. Correction of the geometrical area of the specimen due to the placement in the room edges.

125 Hz 250 Hz 500 Hz 1000 Hz 2000 Hz 4000 Hz

Seff [m2] 13.9 12.3 11.3 11.2 11.0 10.9

Another difficulty to deal with, is the finite size of the sample and the diffraction of sound at the edges of the
absorber, which can lead to an increase in absorption at certain frequencies. To account for the finite size of
the sample, Thomasson derived a theoretical absorption coefficient which depends on absorber shape, size, and
frequency [9]. The size correction holds for an absorber which is mounted on an infinite rigid baffle, which
cannot be applied if the absorber is placed the room edges.

3.2 Evaluation of decay parameter
As apparent from Fig. 2 to Fig. 7, at 125 Hz and 250 Hz the energy decay curves are always multiple sloped,
in the empty reverberation chamber as well as with the absorber. No absorber placement or diffuser setup leads
to a straight decay when plotted on a logarithmic axis. Evaluating the reverberation parameter T20, as it is
required according to ISO 354, leads to questionable results in this case. Therefore it is not paractical to calcu-
late absorption coefficients for low frequencies with the reverberation time T20. As suggested in Ref. [10], if a
decay is multiple sloped, a different framework has to be used to calculate decay parameter. For coupled rooms,
a Bayesian framework was introduced to estimate multiple decay parameter. In case of a double sloped decay,
two decay times could be estimated, namely an initial and a late decay time. For calculating the absorption
coefficient, it would be reasonable to take the initial decay time as suggested in Ref. [11]. The initial decay
contains all excited modes within the frequency band, whereas the late decay contains only the less attenuated
modes.

The shortest decay rates can be achieved with absorber setup ’3D’ and 20 panel diffusers, as shown in Fig. 8
for all frequency bands. Although it requires to split the absorber apart, Fig. 7 shows that it provides the setup
where the initial part of the energy decay seems to be less sensitive to the state of diffusion compared to the
typical test situation according to ISO 354. Furthermore, the boundary effects can be corrected according to
Eq. 1, where the geometrical area of the absorber is replaced with the effective area Seff .

In almost every case the shortest decay rates can be achieved when 20 panel diffusers are randomly hung from
the ceiling. Although it is expected that this allows for a more uniform distribution of sound incidence on
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the absorber, additional investigations should be carried out which allow for experimentally characterizing the
distribution of sound incidence [12].

4 CONCLUSION
This work investigated different absorber placements and its effect on the decay process in a reverberation
chamber. Measurement results suggest that at low frequencies, namely 125 Hz and 250 Hz the energy decay
curves are multiple sloped with every test setup and diffuser configuration. Also at 4 kHz the energy decays
are multiple sloped, even when diffusers are installed. At mid frequencies, adding diffusers resulted in many
cases in a linear decay, although sometimes already a low number of diffusers was sufficient to produce a linear
decay. Regarding absorber placement, spreading the test material on three walls resulted in the lowest decay
rates. Also, measurement results suggest that if the absorber is spread on three walls, the initial portion of the
energy decay seems to be less sensitive to the state of diffusion in the chamber. It should be discussed if a
new evaluation method is required due to the curvature of the energy decays at low frequencies.
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ABSTRACT 

Projects in room acoustics usually demand values of sound absorption coefficients of materials measured in 

diffuse field. The most widely used method for diffuse field measurement is the reverberant chamber method 

described by ISO 354. Diffuse field coefficients can also be estimated by integration of absorption values 

obtained from measurements for discrete sound incidence angles in free field. Furthermore, some alternative 

methods use sound intensity sensors for the measurement of absorption coefficients in reverberation rooms. 

This work presents a case of absorption coefficient measurement in a reverberation room using the two 

microphones method. The concept of a single normal incident plane wave, as occurs in the Kundt’s tube, was 

extend for the incidence of multiple plane waves from the various propagation paths in the room. Absorption 

coefficients of glass wool panels were obtained experimentally for samples laid down at the room floor, by 

using an omnidirectional loudspeaker at three points of the room and two microphone positions close to the 

sample surface. Transfer functions from the source to the microphone were measured using swept sine 

excitation, and the coefficient calculation was performed afterwards. Assessment of measurement results 

shows how sample size and microphone positioning can affect results and measurement accuracy. 

 

Keywords: Diffuse field, absorption coefficient, two microphone method 

1. INTRODUCTION 

Projects in room acoustics usually demand values of sound absorption coefficients of materials 

measured in diffuse field. The most widely used method for diffuse field measurement is the 

reverberant chamber method described by ISO 354 (1). However, researches on the method have still 

been published in the literature for improvement of the results reprodutility between different test 

rooms. New subjects include reference materials (2), corrections for samples size and corrections for 

test rooms (3). On the other hand, diffuse field coefficients can also be estimated by integration of 

absorption values obtained from measurements at discrete sound incidence angles in free field. 

Furthermore, some alternative methods use sound intensity sensors for the measurement of absorption 

coefficients in reverberation rooms (4). 

 This work presents a case of absorption coefficient measurement in a reverberation room using 

the two microphones method. The investigation aims to simplify the measurement by applying 

impulse responses from a dodecahedron source, which can be positioned in some places of the room. 

It will be used small size flat samples laid on the room floor and a small diameter single microphone 

located close the sample surface. Between the measurements, the microphone position is sequentially 

changed for the calculation of the reflection (or absorption) coefficients by the two-microphone 

method. Figure 1 summarizes the basic elements involved in the measurement procedure proposed.  
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Figure 1 – Measurement setup inside the reverberation room 

2. TWO MICROPHONE METHOD 

The method of the two microphones, or transfer function method, for measurement of sound 

reflection coefficient R was initially developed for use in tubes (5). By this method, R is calculated 

by the following equation: 

� � ��� � ����

����� ����

������ (1) 

 

where s and l represent respectively the distance between the two microphones and the distance 

from the farthest microphone to the sample surface, as in Figure 2, k is the wave number and H12 the 

transfer function between the sound pressure spectra in points 1 and 2.. 

  

Figure 2 – Microphone distances from a sample and plane waves incidence 

2.1 Wave Front Interpretation 

 

The method can be described in terms of wave fronts, after replacing the ratio H12=P2/P1 in 

Equation (1), where P1 and P2 are the sound pressure spectra measured at the points 1 and 2 (6-8). 

� � �� � ������

������� � ��

������ (2) 

Considering impulsive excitation, Figure 3 shows a graphical representation in time domain of the 

incident and reflected wave front pulses. The arrival times of the incident and reflected waves at the 

points 1 and 2 differs according the distances s and l. Equation (2) features similar subtractions 

between the sound pressure spectra at the two points after phase corrections, represented by the term 

e
iks or e-iks, on the numerator and denominator in the frequency domain. The result of the subtractions 

are a pair of reflected pulses in the numerator and pair of incident pulses in the denominator. Finally, 

the term e-2ikl synchronizes the numerator and the denominator pulses before the division. Figure 4 

shows the described procedure step by step. In the end, the result can be given in terms of the incident 

spectra, Pi, and the reflected spectra, Pr, as in Equation (3). 
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� � �� � �������

�� � �������
� ����

�1 � �����	

1 � ������ (3) 

From Equation (3), the reflection coefficient is the ratio between reflected and incident pressure 

combined with a comb filter function. At frequency where´s e-i2ks=1 the ratio became undetermined 

and the choice of distance s defines the frequency span range of the measurements.  

 

Figure 3 – Separation of single wave front pulses in time domain 

 

Figure 4 – Interpretation in the time domain of the separation of single wave front pulses, as in Equation (2)   

Considering now a plane wave that reaches the sample with an angle of incidence θ, the reflection 

coefficient is calculated by: 

� � �� � ������ 
��  

������� 
��  � ��

������ 
��  (4) 

The point here is how to deal with the large quantity of incident waves that compose the diffuse 

field (Figure 2). A typical impulse response in a reverberation room is composed by the direct sound 

wave from the source, the first reflections and the reverberation tail. Each component reaches the 

sample in a different angle of incidence and in a different arrival time. Takahashi et al (9) have shown 

that choosing θ = 0° in Equation (4) leads to results comparable with the diffuse field coefficient 

calculated by integration of discrete angle in free field. 

3. EXPERIMENTAL SETUP 

 

Transfer function measurements were carried out by using a swept sine (10) excitation signal for 

the input of a loudspeaker set, composed by a dodecahedron source fixed on a subwoofer unit. The 

software Monkey Forest was used for the generation of a dual channel swept sine, designed to feed 
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the subwoofer and the dodecahedron, in order to improve the signal to noise ratio. The measured 

transfer functions correlate the input signal to the microphone response, which contains the 

loudspeaker, the microphone and the room responses. The source was positioned in three corners of 

the reverberation room, as can be seen at Figures 1 and 5. A ¼ inch diameter microphone was 

sequentially positioned at distances 2, 3 and 4 cm from the sample surface measured by a millimeter 

scale, corresponding to positions MC, MB and MA, respectively. Table 1 presents the three setups of 

distances s and l used for the measurements. Figure 6.a) shows a comparison of the frequency ranges 

of the theoretical comb filter function for distances s = 1 cm and s = 2 cm. The acoustic panels tested 

consisted of glass wool panels of 1.2  0.6  0.1 m and 35 kg/m3 density, wrapped by a fabric of glass 

fiber. Two sample sizes were tested (Figure 5), by laying only one panel on the floor or arranging 

three of them side by side. The procedure steps were basically: mounting the samples at the floor, 

placing the source in one of the corners, fixing the microphone in one of the three positions and 

measuring the transfer function. For each one of the source positions, six measurements were 

performed, resulting at the end in 18 transfer functions corresponding to a different impulse response 

inside the room in the time domain, including its reverberation tail.  

From Equation (2), the calculation of the absorption coefficient α is done by the following 

expression: 

� � 1 �  �� � ������

������� � ��

������
�

 (5) 

 

The sound pressures for points 1 and 2 were calculated by summing the respective transfer 

functions measured for the three source positions as is indicated in Figure 5. Before the division in 

Equation (5) the amplitudes of the numerator and denominator have to be smoothed. Figure 6.b) 

presents the terms of division after the smoothing, containing the responses of the measurement 

elements and the room. The effect of the comb filter is notable in both terms. 

 

Table 1 – Microphone positions in the measurements 

 

   

Microphone position 1 MA  MB MA  

Microphone position 2 MB  MC  Mc  

s, cm  1 1 2 

l, cm 4 3 4 

 

 

 

 

Figure 5 – Source positions in the reverberation room, addition of transfer functions for each microphone 

position and the two sample sizes 
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Figure 6 – Comb filter effect from the Equation (3): a) theoretical for two s distances and b) presented in 

the measured terms of division for s = 1 cm. 

4. RESULTS 

Figure 7 shows a comparison of the absorption coefficients calculated by Equation (5) for the two 

sample sizes. Each curve is relative for the 3 microphone pairs presented in Table 1. For the three 

panels sample, shown in Figure 7.a, the curves are similar above 300 Hz, but for the microphone pair 

MA and MB the absorption coefficient deviates to lower values at lower frequencies. More significant 

differences were found for the one panel sample, Figure 7.b, exhibiting an considerable 

underestimation tendency of the absorption values for lower frequencies. This deviation also depends 

on the microphone distance to the sample. A possible cause of the low frequency underestimation is 

the great importance of the sample area and the mean microphone distance from the sample on the 

reflection energy for larger wavelengths. 

Comparing the results of the two samples sizes for the closest setting of microphone MB and MC, 

presented at Figure 8, good agreement for frequencies above 200 Hz is observed. Others alternative 

calculating could be done using the storage transfer function. The absorption coefficient for the three-

panel sample sample and the closest microphones configuration (MB and MC), has also been calculated 

by taking the mean from the three coefficients obtained from each one of the source positions 

separatelly, i.e. αS1, αS2 and αS3. The results were found to be similar to the obtained before, as can be 

seen at Figure 9.a. Calculations can be done also considering any angle θ in Equation (4). For example, 

results for θ = 45o are compared with the results for θ = 0o at Figure 9.b showing a slight increase in 

α on the range of 200 to 2000 Hz. 

 

 

 

 

Figure 7 – Measured absorption coefficients for the three microphone configurations: a) for the three-panel 

sample and b) for the one panel sample 
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Figure 8 –Measured absorption coefficients for the closest microphone configuration: sample size 

comparison 

 

Figure 9 – Measured absorption coefficients for the closest microphone configuration and three-panel 

sample: a) comparison with mean absorption coefficient from the three source positions and b) comparison 

with absorption coefficient calculated by using 45o in Equation (4) 

5. CONCLUSIONS 

The presented method for measuring absorption of plane surfaces materials is simple and fast. Only 

one microphone was utilized in a reverberation room and the sound generations was done by a 

dodecahedron. Starting from a front wave interpretation of the two-microphone method, an extension 

was applied for the impulse responses obtained by swept sine technique, with all the reverberation 

contained inside them. In order to increase the number of random incident angle wave fronts the 

responses of three source positions was added before the coefficient calculation. In addition, before 

the calculation it was necessary to apply a smoothing process of the transfer function amplitude to 

deal with typical deep oscillations of the diffuse field. The smoothing used was the simplest and fastest 

option included on the Monkey Forest software. Influences of the smoothing process can be studied 

in future works. Calculations were done considering a phase corrections of zero degree in Equation 

(4). As showed above, it is possible to post processing the data by considering any other angle for the 

correction, but the significance of this possibility were not scrutinized by the authors. 

The measured absorption coefficient curves presented are as expected for the material used in the 

samples. In addition, results dependence from the sample size and from the reception distance met the 

expectation. However, in this work a detailed validation analysis of the results was not performed. 

Future validation investigations are planned, by using measurements in free-field for individual 

incident angles and numerical simulations. 

The method presented can be applied for small flat sample. This can be convenient to evaluate the 

sample homogeneity as required by the ISO 354 method that uses some acoustic panels arranged side 

by side. If reference materials would be used for reverberant room qualification, this method can 

provide supporting diffuse field results for small parts of a reference samples in a non-destructive way. 
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ABSTRACT 
This presentation will describe a new 285 m3 testing chamber that will allow the measurement of the 
random incidence absorption coefficient and the normal incidence low frequency absorption 
coefficient, according to ISO 10534-2.  The rev room’s cuboid dimensions were determined from an 
optimization procedure that minimizes the standard deviation of the modal response. Both concrete, 
dome-shaped boundary diffusors and hanging convex panels, arranged in a primitive root pattern, are 
used to provide diffusivity, which is verified using a 200 mm reference absorber according to the 
revised ISO 354. The isotropy of the incident sound will also be evaluated with a new SOund Field 
Analysis Recorder (SOFAR) and quantified with an analysis of the wavenumber spectrum. 18 impulse 
responses are collected from 3 sources and 6 distributed microphones. The MLS impulse response data 
is processed with a proprietary Matlab program, which automatically removes the rms noise floor, 
creates an energy decay from the optimal linearity limit, achieving maximum dynamic range, from all 
of the microphone-speaker pairs. A steel and concrete lined low frequency impedance tube measuring 
0.6 m x 0.6 m x 5.8 m long and 7 tons is used to measure absorption from 25-250 Hz.  

 
Keywords: ISO354, Absorption, Isotropy 

 

1. INTRODUCTION 
When RPG relocated its manufacturing to a new location, there was an opportunity to build a new 

Acoustical Research Center (ARC), containing a reverberation room adhering to the latest ISO 
Working Group recommendations. Since this is not a commercial facility, we had to economically 
modify a non-ideal space. This paper describes the planned reverberation room, which is in the process 
of being completed as of this writing. Hopefully more of the actual experimental details will be 
presented at the ICA conference in Aachen. The random incidence absorption coefficient is an 
essential parameter in acoustical design and yet more than 100 years after the reverberation room 
method was suggested, we are still not able to measure it accurately. While the intra-lab precision is 
high in most laboratories, the accuracy is uncertain and the lack of agreement among labs is not 
acceptable. Therefore, the ISO 354 (1) standard is under continual development and revision. Much 
more recently, a scattering coefficient, measured in a reverberation chamber and subject to its 
limitations, has been enshrined as ISO 17497-1 (2) to complement the absorption coefficient. The 
scattering coefficient, s, is a ratio of energy scattered in a non-specular manner to the total reflected 
energy. 
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This was developed to be used in geometrical room acoustic modeling programs (3). Since the 
reverberation room method of measuring the absorption coefficient assumes a perfectly diffuse sound 
field, this requires isotropic sound incidence and random relative phases. Therefore, this new lab will 
utilize the revised ISO approach for evaluating diffusivity with a reference absorber and also plan to 
experimentally measure the degree of isotropy of the incident sound with a new SOund Field Analysis 
Recorder (SOFAR), which determines an isotropy coefficient, based on an analysis of the wavenumber 
spectrum in the spherical harmonics domain, using a method proposed by Nolan (4). The wavenumber 
spectrum, which results from expanding an arbitrary sound field into a plane-wave basis, is used to 
characterize the spatial properties of the observed sound field. The wavenumber spectrum is then 
expanded into a series of spherical harmonics, and the moments from this expansion are used to 
characterize the isotropy of the wave field. To extend the low frequency capability of the test chamber 
to measure the normal incidence absorption coefficient down to 25 Hz, a 7 ton steel-faced concrete 
impedance tube measuring 0.6 x 0.6 x 5.8 m was installed in the room.  

2. TEST CHAMBER DESIGN 
2.1  Existing space  

The existing space, shown in Figure 1 (left), was formerly used as a blast room for a chemical 
company. The room had a concrete floor and three permanent cinderblock walls. The short wall had a 
“garage-style” corrugated metal door and one of the long walls had a window. The roof, which was 
replaced, was fitted with panels that would open from the impact of an explosion. The volume was 503 
m3 and the goal was to partition the room into a test chamber and a control room. The capability of 
utilizing suggested dimensional ratios was not possible, due to the existing walls and the only 
dimensional variables were shortening the long wall and adding a ceiling onto the existing ceiling 
trusses. Due to weight issues, the new ceiling, consisting of two layers of 16 mm drywall, was attached 
to 406 mm spaced 51 mm x 152 mm planks resting on the lips of the ceiling trusses. The corrugated 
door was removed and filled with cinderblock, as was the window. To determine the optimal location 
of the new wall in the long dimension, a cuboid image method (5), called the Room Sizer, was utilized 
to find dimensional ratios with the lowest standard deviation in the modal frequency range. The floor, 
walls and ceiling surfaces were sealed and painted to minimize porosity. The rendered, renovated rev 
room, with diffusing surfaces, impedance tube and reference absorber, is shown in Figure 1 (right). 
2.2  Dimensional ratios 

Since three wall boundaries were fixed and we were constrained to remaining close to the ceiling 
trusses, an optimization program (5) was used to find an optimal length for the new wall, which 
provided suitable dimensional ratios with the lowest standard deviation in the modal range. Figure 2 
illustrates a graph of acceptable dimensional ratios, with 1:1.03:1.3 being the closest to what was 
achievable. The length, width and height were 7.89 m, 6.27 and 6.07 m, respectively, with an 
unadjusted volume of 300.3 m3 and surface area of 270.8 m2 

Figure 1(left) Existing space; (right) Rendered rev room rotated counterclockwise 90 degrees with the 
front wall in Fig. 1 (left) on the left 
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2.3  Diffusing clouds and domes 

 To achieve the necessary diffusivity in the chamber (15) 1219 mm x 1524 mm overhead, 
transparent vinyl, 6.4 mm curved convex clouds, (20) 610 mm x 305 mm concrete, hemispherical 
domes and (21) 864 mm X 356 mm spherical cap domes were randomly distributed, as seen in Figure 
1 (right). The additional surface area added to the room by the domes, clouds, speakers, and impedance 
tube is 87 m2, yielding a ratio of diffusor surface area to adjusted, increased room surface area (358 m2) 
of 24%. The adjusted room volume, reduced by the volumes of the domes, (3) JBL SRX835P speakers 
and the impedance tube, is 285 m3. The clouds are curved along the 1524 mm direction, forming a 
convex surface with a cord length of 1067 mm and a height of 460 mm, to diffuse low frequencies. To 
further improve diffusion at low frequencies, the clouds are arranged in a two-dimensional (2D) 
primitive root (PR) sequence. Not all one-dimensional (1D) PR sequences can be converted into a 2D 
array via the Chinese Remainder Theorem (3). To convert a 1D to a 2D PR array, the two factors must 
be coprime, meaning they have no common factors other than 1. A PR sequence based on a prime N, 
has (N-1) sequence values. The closest primes to 15 are 13 and 17. An N=17 PR sequence has 16 
elements for which there are no two coprimes. Therefore, N=13 was selected, with coprimes of 4 and 
3, forming a 4x3 array. To provide 15 clouds, we selected the most suitable 5 x 3 array from the larger 
periodic array, starting with the 6th sequence value, to accommodate the cloud heights with other items 
in the room. The sequence values are shown in Table 1. The distances of the base of the convex  

shapes from the ceiling are equal to the ratio of the sequence values divided by the maximum sequence 
value, multiplied by the maximum displacement of roughly 3 m. This primitive root arrangement of 
the ceiling clouds provides diffusion below 100 Hz. In Figure 3 (bottom right), we illustrate the rev 
room with all domes, clouds, impedance tube and reference absorber.  

2.4  ISO 354 experimental diffusivity evaluation 
In Figure 3, we illustrate four configurations of the rev room with varying amounts of domes and 

clouds, described in Table 2. At each stage, the equivalent surface area m2 is measured to illustrate the 
increased absorption with increased diffuser surface area. The final equivalent absorption area is then 
compared with the required equivalent absorption area in the standard. The measured equivalent 
absorption area of the reference absorber shall be equal to or larger than the values in Table B2 (1) for 
the octave bands of 250 Hz and above. The correction factor ratio, g, is determined in octave bands, 
but applied to all third octave bands in the octave for samples under test.  

1 1 1.33
1 1.03 1.3
1 1.08 2.79
1 1.08 2.8
1 1.09 1.35
1 1.09 1.36
1 1.13 2.76

Figure 2. Optimal dimensional ratios 

12 8 1 5 12

10 11 3 2 10

4 7 9 6 4

Table 1. N=13 primitive root 2D array 
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For example, in Step 1 the following diffusers are added to the room: (4) 0.61 m domes with a 
surface area (SA) of 0.29 m2 (after subtracting the base which is included in the room’s surface area), 
(3) 0.86 m domes with a SA of 0.4 m2 on the long wall of the rev room; (1) 0.61 m and (1) 0.86 m dome 
on a short area of the opposite wall; (3) 0.61 m and (3) 0.86 m domes on the width wall and (5) convex 
1.2 m x 1.5 m clouds with a total cloud surface area (TC SA m2) of 18.6 m2. The total surface area (TSA 
m2) for Step 1 is 23.72 m2. The combined dome and cloud surface area is 70 m2, with 41 domes and 15 
clouds, totaling 56. 

2.5  Experimental isotropy coefficient 
In addition to the ISO diffusivity test an experimental measure of the isotropy of the incident sound 

on the sample has been proposed by Nolan (4). The following is a brief summary of the theory. The 
proposed method consists of expressing an arbitrary sound field on an array of sensors as the 
superposition of a set of plane waves:   

 
where 𝑝𝑝(𝒓𝒓) is the measured sound pressure, 𝒄𝒄 is a complex coefficient vector and 𝑾𝑾 is a matrix 

containing the plane wave functions 𝑒𝑒−𝑗𝑗𝑗𝑗∙𝒓𝒓. Pure-tone sound fields are considered in this method. The 
sound pressure measured at each of the 𝑀𝑀 transducers is expressed as  

Figure 3. Sequential diffusivity test 

Table 2. Three step diffusivity evaluation with domes and clouds 
Domes Clouds

Step Length Wall SA m2 SA m2 Opposite Wall SA m2 SA m2 Width Wall SA m2 SA m2 TD# TD SA 1.2 x 1.5 m TC SA m2 TSA m2 TD+C
# 0.61 # 0.86 # 0.61 # 0.86 # 0.61 # 0.86 # SA m2

1 4 0.29 3 0.4 1 0.29 1 0.4 3 0.29 3 0.4 15 5.12 5 3.72 18.6 23.72
2 2 0.29 3 0.4 1 0.29 2 0.4 3 0.29 4 0.4 15 5.34 5 3.72 18.6 23.94
3 2 0.29 2 0.4 1 0.29 1 0.4 3 0.29 2 0.4 11 3.74 5 3.72 18.6 22.34

8 8 3 4 9 9 41 14.2 15 55.8 70 56
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where 𝑃𝑃(𝑗𝑗𝑖𝑖) = 𝒄𝒄𝑖𝑖 = |𝑃𝑃(𝑗𝑗𝑖𝑖)|𝑒𝑒𝑗𝑗𝑗𝑗(𝑃𝑃(𝑗𝑗𝑖𝑖)) corresponds to the wavenumber (or angular) spectrum with |𝑃𝑃(𝑗𝑗𝑖𝑖)| 
and 𝑗𝑗(𝑃𝑃(𝑗𝑗𝑖𝑖)) its magnitude and phase, respectively. A spherical coordinate system 𝒓𝒓𝑚𝑚 = (𝑟𝑟, 𝜃𝜃𝑚𝑚, 𝑗𝑗𝑚𝑚) = 
(𝑟𝑟, Ω𝑚𝑚) is considered where the direction of the waves is given by 𝑗𝑗𝑖𝑖 = (𝑘𝑘, Ω𝑖𝑖). Subsequently, the 
magnitude of the obtained complex angular spectrum is expanded into a series of spherical harmonics: 

Since the spherical harmonics are orthonormal, the complex coefficients 𝐴𝐴𝑚𝑚𝑚𝑚(𝑘𝑘) of the expansion 
can be calculated from  

A wave field is termed isotropic if the wavenumber vectors of the incident plane waves are 
uniformly distributed over all angles of incidence (corresponding to a sinusoidal distribution of the 
polar angles and a uniform distribution of the azimuth angles). In this case, the magnitude of the 
angular spectrum is constant over the entire solid angle. Consequently, all the energy of the angular 
spectrum |𝑃𝑃(𝑘𝑘, Ω)| resides on the monopole moment 𝐴𝐴00(𝑘𝑘) of its spherical harmonic expansion in 
equation (3). This will not be the case if the contributing waves cover just a partial section of the solid 
angle, as the higher-order moments would characterize the wave field. The energy of the nth order 
moment is given by the denominator in equation (5), so that the relative energy of the monopole 
contribution can now be expressed as: 

This quantity is suggested as a potential isotropy indicator and will be denoted by 𝜄𝜄(𝑘𝑘). The measure 
ranges between zero and one and equals unity in the case where the flow of acoustic energy is equal in 
all directions. Conversely, it approaches zero if the incident waves propagate in a single direction. 

2.6  Measurement of the isotropy coefficient 
A conceptual approach to measuring the sound field necessary to determine the isotropy coefficient 

is shown in Figure 4. The device is called a SOund Field Analysis Recorder (SOFAR) and is placed in 
close proximity to the reference absorber in the rev room. The device consists of a movable gantry 
containing 32 microphones spaced 25 mm apart located within a frame which allows accurate 
displacements of the gantry every 25 mm parallel to the reference absorber. 32 impulse responses are 
recorded at each of 32 positions for a total of 1,024 impulse responses in the first measurement plane. 
The frame supporting the gantry is moved up 25 mm and an additional 1,024 impulse responses are 
measured. This data collection is repeated in two additional upward planes separated by 25 mm for a 

Figure 4. Three layer SOFAR concept illustration 
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total of 4,096 impulse responses. The 32 electret microphones are connected to preamps connected to 
A/D converters, which are input into a computer running the data collection process. The impulse 
responses are processed to provide the pressure responses p(r) in equation (1).  

An automated prototype of the SOFAR is in development. The device consists of 4 vertical 
elements to which a rectangular frame is attached. The left and right legs of the frame contain 
rectangular plates to which the gantry containing the 32 mics is attached. The frame containing the mic 
gantry is mechanically adjustable vertically. The leg on the right side contains a stepping motor and 
encoder to automatically advance the gantry by 25 mm, after each data collection for the 32 positions. 
The frame is then mechanically lifted 25 mm higher for the next cycle of impulse response 
measurements and repeated at two additional heights above the sample. Thus, generating the 4,096 
impulse responses which are fitted to determine the wavenumber spectrum with |𝑃𝑃(𝑗𝑗𝑖𝑖)| and 𝑗𝑗(𝑃𝑃(𝑗𝑗𝑖𝑖)) its 
magnitude and phase, respectively.   

3. DATA COLLECTION AND PROCESSING 
To calculate the reverberation time, according to the backward integration of the impulse response 

squared suggested by Schroeder, we must: 
- evaluate the optimal upper limit of infinity provided by the data and ensure that it does not extend into 

the noise floor 
- truncate the impulse response at the point it reaches the noise floor by energetically subtracting the 

rms noise 
ISO 354 suggests the backward integration should begin at -35 dB, 30 dB down from an initial value of 

t=-5 dB. In cases where the dynamic range of the data is insufficient to fulfill this 30 dB drop, the 
evaluation range may be reduced, provide it is at least 20 dB.  This is rather ambiguous and requires a lot 
of manual limit selection in each of the 1/3-octave bands and microphone-speaker pairs. There is also a 
need to quantify the linearity of the energy decay. For rapid data processing, this suggests the need for an 
automated program.  

The Automatic Reverberation TIme Calculator (ARTIC) program automatically filters the squared 
impulse responses into 1/3-octave bands over the frequency range of interest, in which the following 
procedure is carried out for each 1/3-octave band of each microphone-speaker pair (Figure 5): 

- Determine the upper limit or maximum decay confidence of integration, t∞
∞
= tq

q
, to form the energy 

decay by segmenting the response into a set of rms values over short intervals, typically 40 ms (legend 
Segmented rms), according to (6).  
- Determine the maximum dynamic range, in which the segmented rms response is 3 dB above the noise 
(legend Noise rms) 
- Fit a line to the segmented squared impulse response (IR) down to the beginning of the noise floor to 
establish tq (legend IR fit line) 
- Energetically subtract the rms value of the noise to determine a noise-free, uncontaminated segmented 
response 
- Calculate T60 extrapolated from the slope of the backward integrated, energy decay segmented 
response out to tq (legend Drop to optimal linearity).  

One can see from Figure 5 (right column) that the Uncompensated decay can introduce both 
non-linearity and an artificial inflation of reverberation time. Also marked are the Segmented decay, the -5 

Figure 5. Noise compensated squared impulse response and energy decay 
at 4 kHz with several indicated dB drops down to the drop of optimal 

linearity 
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dB Reference position, the EDT drop of – 15 dB, the 15 dB and 30 dB drop from the Reference position and 
importantly the Drop to optimal linearity. The program automatically locates tq as the point at which the 
rms of the squared impulse response is 3 dB above the noise floor. To find the intersection point of 
uncontaminated data and noise, the rms is calculated over short intervals (typically 40 ms), illustrated in 
Figure 5 (left column) as Segmented rms, at 4 kHz. An IR line fit to the decaying portion of the rms 
segments intersects the smallest value of segmented Noise rms. Data to the right of this point are known to 
be noise and a reliable noise rms value is obtained. The segmented data is then truncated by energetically 
subtracting the Noise rms, according to, as outlined above.   

The reverberation time extrapolated from the optimal linear dynamic range is determined for each 
1/3-octave band and averaged with the values in all of the microphone-speaker pairs to form a plot of 
reverberation time vs frequency.  

4. LOW FREQUENCY IMPEDANCE TUBE 
To extend the capability to measure the absorption below 100 Hz, we developed a 0.6 m x 0.6 m x 

5.6 m, 7 ton impedance tube fabricated from steel covered concrete. The tube is shown in Figure 6.  

Figure 6 (left) shows the sample lid in the open position. Figure 6 (middle) shows the lid closed and 
Figure 6 (right) shows a membrane absorber with the movable measurement mic in one of three 
positions. Combining data from three microphone pair positions (1,2; 1,3; and 2,3) allows 
determination of the normal incidence absorption coefficient and complex surface impedance from 25 
Hz to 250 Hz. The pressure measurements at each pair of position, e.g. p(x1) and p(x2), yields the 
transfer function, S equation (6), the reflection factor, R equation (7), and the normal absorption 
coefficient, a, equation (8).  

 

 
 
 
 
 
 
 
 

5.  CONCLUSION 
As of this writing, we are in the process of completing the final commissioning of the rev room and 

thus this paper is limited to the design parameters and goals. It is the hope to present experimental 
measurements at the conference. The rev room contains both spherical cap domes and suspended 
convex clouds spaced from the ceiling in a primitive root sequence to provide low frequency diffusion 
below 100 Hz. Measurements will be made according to (1) to obtain the scaling factor, g, to reduce 
the inter-lab variance. An automated, Matlab, data processing procedure is described, which removes 
the rms noise floor and creates an energy decay to the optimal linearity limit, achieving maximal 
dynamic range, from all the microphone-speaker pairs. A described SOFAR device, which is in 
prototype design, will be used to experimentally determine the randomness of the incident sound on 

21 R−=α (8) 

Figure 6. Low frequency impedance tube 
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the reference sample, using a described isotropy coefficient. A low frequency normal incidence, 
impedance tube is described to extend the frequency range of the rev room down to 25 Hz.   
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ABSTRACT 
Reverberation-chamber measurements of sound absorption coefficients are based on the 
assumption that the sound field is diffuse (i.e., homogeneous and isotropic). Such sound field 
should be established both before and during the sound decay. Yet, the test conditions for 
absorption measurements render the establishment of a completely diffuse sound field difficult, 
if not impossible. It is therefore of interest to discuss the concept of acoustic diffusion in a 
reverberation chamber. A recent investigation examined sound field isotropy in reverberation 
rooms in the steady state, based on an analysis of the wavenumber spectrum in the spherical 
harmonics domain. The purpose of the present study is to analyze the isotropy of the sound 
field in a reverberation chamber across time. The evolution of the sound decay is examined by 
estimating the wavenumber spectrum in successive time instances, leading to a time-dependent 
analysis of isotropy. Experimental results based on measurements in a reverberation room in 
four configurations (empty with and without diffusers, as well as with absorbing material on 
the floor, with and without diffusers) are presented.  
 
Keywords: Sound absorption, Sound decay, Isotropy, Array processing  

1. INTRODUCTION 
Reverberation-room measurements of the statistical absorption coefficient of acoustic 

materials [1] depend critically on the diffusion of the sound field in the test chamber. The 
procedure is based on the simple reverberation formulas,  provided that complete 
diffuseness of the sound field is achieved both before and during the sound decay. An 
ideal diffuse field can be defined as the superposition of an infinite set of plane waves 
with random phases and equal magnitudes, which directions of propagation are uniformly 
distributed over all angles of incidence. In such a sound field, the energy density is 
uniform in space and the energy flow is isotropic [2]. This definition can be extended to 
a set of exponentially decaying plane waves and thus, to the decaying sound field in a 
reverberation room. Yet, the test conditions for absorption measurements render the 
establishment of a completely diffuse sound field difficult.  

The shortcomings of the measurement procedure have become increasingly evident as 
a result of numerous investigations [3,4], which show that the major cause of difficulties 
with the reverberation-room measurement of sound absorption can be ascribed to a lack 
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of diffuseness of the sound field. A variety of methods for the measurement of sound field 
diffusion have been reported in the literature, mainly concerned with its evaluation in the 
steady-state. The measurement of diffuseness during the decay phase has not received 
similar attention, although a few papers have looked into the matter: Reverberation time 
and decay irregularities have been used as a criterion for diffusion [5,6]; Balachandran 
and Robinson [7] extended correlation measurements to the decaying state; Several 
studies have measured the acoustic intensity over time [8-10]. Besides, a promising line 
of approach describes diffusion on the basis of the angular distribution of sound energy: 
Venzke and Dämmig [11] extended the concept of directional diffusion introduced by 
Meyer and Thiele [12] to the decaying state, by measuring the angular variation of sound 
energy at various instants during the decay using highly directional transducers ; More 
recently, Gover et al. [13] adapted the method to measurements with a spherical array of 
microphones; Extending this approach, Berzborn et al. [14,15] introduce the concept of 
Directional Energy Decay Curves (DEDC) derived from measurements of directional 
impulse responses using a spherical microphone array. 

A recent investigation proposed an experimental method for evaluating isotropy in 
reverberant spaces in the steady-state, based on an analysis of the wavenumber spectrum 
in the spherical harmonics domain [16]. The aim of the present study is to extend the 
wavenumber spectrum analysis method to the decaying state. The evolution of the sound 
decay is examined by estimating the wavenumber spectrum over various time windows, 
leading to a time-dependent analysis of isotropy. The paper is organized as follows: the 
theoretical background is presented in Sec. 2. In Sec. 3, an experimental study is presented 
based on measurements in a reverberation chamber using a programmable robotic arm.  

2. THEORETICAL BACKGROUND 

2.1 Wavenumber (or angular) spectrum and sound field isotropy 
Let us consider the sound field produced by a pure-tone source with angular frequency 

ω = kc in a reverberation chamber. In steady-state, the resulting sound field can be 
represented as a superposition of plane waves [17], each traveling in a direction specified 
by the wavenumber vector k = (kx, ky, kz) 

p r, ω  = P k ej ωt - k∙rT dk
+∞

-∞

, (1) 

where r = (x, y, z), and the time dependency ejωt will be omitted throughout. In other 
words, the sound field is expressed as a superposition of plane waves. The quantity 
P k = P k ejϕ k  is the wavenumber (or angular) spectrum, with P k  and ϕ k  its 
magnitude and phase, respectively. In the following, it is assumed that all plane waves 
satisfy the condition k 2 = k2 = kx

2 + ky
2 + kz

2  with k2 ≥ kx
2 + ky

2  (indicating that they are 
propagating waves). Such plane wave decomposition is valid away from any source or 
diffracting element (where evanescent waves are not present).  

In order to evaluate isotropy, the magnitude of the wavenumber spectrum is expanded 
into a series of spherical harmonics [16] 

P θ, ϕ  = Amn k Yn
m θ, ϕ

n

m = -n

∞

n = 0

, (2) 

where P θ, ϕ  denotes the two-dimensional wavenumber spectrum expressed in spherical 
coordinates, and the complex coefficients Amn k  can be calculated from the 
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orthonormality relation of the spherical harmonics functions. The relative monopole 
strength [16] 

ι  =   A00 k Amn k
n

m = -n

∞

n = 0
(3) 

determines the degree of isotropy, the underlying hypothesis being that in a perfectly 
isotropic sound field, the wavenumber spectrum is rotationally symmetric. The measure 
ranges from 0 to 1: 1 in the case where the flow of energy is equal in all directions; 0 if 
the incident waves propagate in a single direction.      

2.2 Implementation of the method 
In practice, the wavenumber spectrum P θ, ϕ  is obtained using a discrete plane wave 

expansion, based on a discrete approximation of Eq. (1)   

p rr P kl e-jkl∙rr

L

l = 1

, (4) 

where the directions of propagation of the L plane waves are uniformly distributed over a 
spherical domain. The pressure field is sampled at a discrete number R of receiver 
positions, and can be expressed in matrix form as 

p = Hx,  (5) 
where p CR is the measured sound pressure vector, x  CL  is a complex coefficient 
vector containing the wavenumber spectrum P kl  in Eq. (4), and H  CR×L  is the 
transfer matrix containing the plane wave functions. The problem is typically 
underdetermined (L > R) and the estimation of x obtained via a regularized matrix pseudo-
inverse [18]. Subsequently, a spherical harmonic expansion of the magnitude of each 
component of x can be obtained based on a discrete approximation of Eq. (2).   

2.3 Time analysis  
In the present work, the isotropy of the sound field is analyzed as a function of time. 

Such analysis is particularly useful for examining its temporal evolution during the decay 
process and detecting asymmetries in energy distribution both in time and direction. It 
may be of interest, for instance, to exclude the early reflections and examine the later part 
of the decay only. In the present study we focus on an analysis of isotropy for time 
windows starting at a given time t0 and extending until the end of the measured impulse 
response. Depending on the chosen value of t0, it becomes possible to analyze the steady-
state (t0 = 0s), or to exclude the direct sound, early reflections, or late reflections.  For an 
analysis window wt0 , the corresponding frequency response Ht0  reads    

Ht0 r, ω = wt0 t h r, t e-jωtdt+∞
-∞ ,      (6) 

where h is the measured impulse response at position r. In the case of a rectangular 

window wt0 t  = 1
0

      t  t0, +∞
   t  0, t0

, Eq. (6) becomes 

Ht0 r, ω = h r, t e-jωtdt+∞
t0

      (7) 

The case t0 = 0s includes the energy arriving over the full impulse response and thus 
corresponds to the steady-state response of the room. The subsequent analysis is 
performed on the frequency response Ht0  so that p r, ω  = Ht0 r, ω  [see Eq. (1)]. The 
evaluation of isotropy follows as explained in section 2.1, based on the windowed 
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responses of the room. Alternatively, a short sliding time window can be used to isolate 
individual reflections (and, potentially, problematic reflections) in time and direction.   

3. EXPERIMENTAL RESULTS 
The proposed methodology is examined experimentally in a large (245 m3) 

reverberation room at the Technical University of Denmark, using a programmable 
robotic arm to scan the sound field (see Fig. 1). The room is essentially box-shaped, 
although there are 19 removable panel diffusers. Four configurations of the room are 
considered: the empty (undamped) room with and without panel diffusers, and the room 
with extra absorption on the floor with and without panel diffusers. The absorption 
coefficient of the sample (10.8 m2 glass wool of thickness 100 mm and flow resistivity 
12.9 kPa.s/m2) at 500 Hz is 1.04 (measured according to ISO 354 in the same reverberation 
chamber in the configuration with diffusers). A scanning robot UR5 (Universal Robot, 
Odense, Denmark) is programmed to move a free-field microphone (Brüel & Kjær, 
Nærum, Denmark) and forms an array of 310 sequential measurement positions. The array 
consists of two spherical layers with radii 0.25 m and 0.45 m respectively, each of them 
sampled at 144 positions chosen according to an equal-area grid on the sphere [19]. 
Additional sampling positions were used inside the spheres to achieve good stabilization 
of the eigenfrequencies [20]. It should be remarked that the current measurement system 
is not expected to provide valid results below 200 Hz, where the size of the array 
corresponds to about 10% of the wavelength in air (ka = 0.1), nor at high frequencies 
(above 3 kHz), where aliasing effects start to appear.  

 

  
 

Figure 1 – Experimental setup 
 
The room is excited by a built-in loudspeaker driven with exponential sweeps. An 

impulse response is measured at each of the 310 positions using the ITA-Toolbox [21]. 
The measured impulse responses are considered over various time ranges to investigate 
the temporal evolution of the sound decay and its isotropy. For each selected time range 
of the impulse response, the frequency response is calculated based on a DFT, and the 
complex coefficient vector x corresponding to the wavenumber spectrum is estimated 
using Eq. (5). A plane-wave basis of 2000 plane waves of unknown amplitudes is 
considered, whose directions of propagation are distributed uniformly based on a 
Thomson problem. Tikhonov regularization (i.e., a l2 least-squares solution) is used for 
the regularized inversion, along with the L-curve criterion as a parameter-choice method. 
As for the spherical harmonic expansion in Eq. (2), only a limited number of spherical 
harmonic orders can be used in practice. The spherical harmonic expans ion is here 
truncated at N = 7. Although possible, adding more spherical harmonics in the expansion 
of the wavenumber spectrum does not contain relevant information.  
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It can be remarked that one advantage of the method described in this work is that it 
does not require a prescribed array geometry. It can be used for any given array, provided 
that the basic sampling requirements are met [22,23]. In this paper, we use a spherical 
array as the method is meant to be compared in the future with another approach, based 
on the same set of data (see Ref. 15, presented in the same proceedings). 

Figure 2 compares the resulting wavenumber spectrum at 500 Hz in the damped room 
without diffusers [left], and in the same room where 19 hanging panel diffusers have been 
installed [right]. The wavenumber results are averaged over the third-octave band centered 
at 500 Hz and include the arriving energy over the full impulse response (that is, these 
results correspond to the steady-state response of the room). It should be noted that, with 
the chosen time convention, the wavenumber spectrum represents the direction of 
propagation and not the direction of arrival (as apparent from Fig. 2). It can be seen that 
in both cases, no waves are propagating in the positive z-direction, because no sound is 
being reflected by the absorbing sample ( α ≈ 1.04  at 500 Hz). In the room without 
diffusers, a few dominant incident directions are detected, seemingly corresponding to the 
direct radiation from the source and standing waves in the x-y plane (tangential plane to 
the absorber). When panel diffusers are added to the room, the distribution of incident 
energy is somewhat more uniform, as seen in Fig. 2 (right).  

 

  
Figure 2 – Magnitude of the wavenumber spectrum in the damped room without 
diffusers (left) and with diffusers (right). Frequency: 500 Hz (1/3 oct.).  t0 = 0s.  

 
Figure 3(a) compares the magnitude Amn

n
m = -n  of the moments from the spherical 

harmonic expansions in the undamped and damped room without (black) and with (blue) 
diffusers, for the third-octave band centered at 500 Hz. In order to analyze the changes in 
isotropy at different times, and as described in section 2.3, the wavenumber spectr a and 
corresponding spherical harmonic expansions are calculated using windows starting at t0 
= 0s, 50ms, 100ms, … 1.4s, although Fig. 3(a) displays results for t0 = 0s, 0.5s, and 1s 
only. For t0 = 0.5s and 1s, the analysis of isotropy is restricted to t > 0.5s and t > 1s, 
respectively. 

In the undamped room, the monopole moment dominates the spherical harmonic 
expansion of the wavenumber spectrum (both in the empty room and in the room with 
added panel diffusers), indicating a fairly isotropic sound field. Addition of panel 
diffusers essentially reduces the contribution of the 2nd and 4th order spherical harmonic 
moments, which account for standing waves in the x-, y- and z-directions (this is seen in 
the corresponding wavenumber spectra, not shown for conciseness). These moments are 
less prominent in the late decay (see t > 1 s, without diffusers), suggesting that the sound 

4039



 

 

field is composed of multiple waves of similar amplitude (stronger early re flections are, 
in fact, excluded).  

In the damped room, due to the presence of the absorbing sample, the sound field is 
less omnidirectional and higher-order moments are required to describe the wavenumber 
spectra. This indicates that the wave field is less isotropic than in the undamped case, in 
agreement with previous findings [16]. In particular, in the room without diffusers at t > 
0.5 s and t > 1 s, the wavenumber spectrum is best described by the 1st, 2nd and 4th order 
spherical harmonic moments. Inspection of the wavenumber spectra (not shown for 
conciseness) reveals persisting tangential components in the late decay, corresponding to 
standing waves in the x-y plane. This is in agreement with the general behavior of sound 
propagating in a rectangular room containing a highly absorptive surface and no scattering 
objects, as described in e.g. Ref. 24, where it is shown that the grazing part of the sound 
field is less affected by the absorption than the non-grazing field. The results show no 
evidence of such persisting waves when panel diffusers are installed (see Fig. 3(a), 
damped room with diffusers), suggesting that the panels re-direct the sound waves 
successfully.        

Figure 3(b) shows the isotropy indicator in the four configurations as a function of 
time, for the successive time windows corresponding to t > 0 s, t > 50 ms, t > 100 ms, … 
t > 1.4 s. The results confirm that the sound field is less isotropic in the damped room than 
in the undamped room (0.27 < ι < 0.47 in the damped room without diffusers, against 
0.70 < ι < 0.78 in the undamped room), and that addition of panel diffusers influences 
positively the isotropy of the wave field (in the steady-state, isotropy increases by 11.4 % 
in the undamped room, and by 12.1 % in the damped room). Yet, the sound field in the 
undamped room with diffusers is not perfectly isotropic (ιmax = 0.84), which is to be 
expected as perfect isotropy is difficult to achieve in a room.  

In the damped room without diffusers, the sound field is highly anisotropic in the 
steady-state (ι = 0.27), due to the direct radiation from the source and a few interfering 
modes (see Fig. 2). As time progresses, the results indicate increasing isotropy initially (ι 
increases from 0.27 to 0.47 between t > 0 s and t > 0.55 s) as there is no influence of the 
source and early reflections, followed by increasing anisotropy (ι drops from 0.47 to 0.42 
between t > 0.55 s and t > 1.4 s), seemingly caused by persisting sound waves propagating 
back and forth in the x-y plane, after sound waves in the other directions have been 
absorbed (i.e., sound in the non-grazing field is absorbed more quickly than in the grazing 
field [24]). In the damped room with diffusers, room reflections seem to build up faster, 
in a way that increases isotropy earlier (ι = 0.53 at t > 0.2 s). It can further be noticed that 
in the undamped room without diffusers, a comparable buildup of room reflections is 
detected, where the isotropy indicator reaches a plateau at t > 0.9 s, presumably due to 
mixing. In this case, a longer processing time would be required to examine the behavior 
of the sound field in the later decay. 

4. CONCLUSIONS  
An experimental method to evaluate sound field isotropy in the decaying state has been 

proposed, based on measurements with an array of microphones. By considering measured 
impulse responses over various time windows, it is possible to examine the temporal 
evolution of the wavenumber spectrum, which determines the magnitude of the sound 
waves arriving from definite directions at the observation point. The extent of sound field 
isotropy as a function of time is subsequently assessed by expanding the wavenumber 
spectrum in the spherical harmonics domain for each time window.  

Experimental results obtained in four reverberation chamber configurations indicate 
that the method is suitable for evaluating the isotropy of the reverberant field in the 

4040



 

 

decaying state. The analysis not only confirms the anisotropy of the sound fields, but also 
reveals asymmetries in energy distribution both in time and direction. It is anticipated that 
the proposed framework will be of value in diagnosing biases in laboratory configurations, 
as well as in analyzing the deviations encountered across standardized laboratories.  
 

(a) (b) 

 

Figure 3 – (a) Spherical harmonic expansion at 500 Hz (1/3 oct.) in the undamped (top) 
and damped (bottom) room without and with diffusers. The results are presented for 

several time windows of the measured impulse response. (b) Isotropy indicator at 500 
Hz (1/3 oct.) calculated in the undamped and damped room without and with diffusers 

for (t > 0 s; t > 50 ms; t > 100 ms; … t > 1.4 s). Truncation order: N = 7. 
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Abstract
A prerequisite for the absorption coefficient estimation in accordance with ISO 354 is that the sound field in the
used reverberation room is diffuse. A diffuse sound field is generally defined by the isotropy condition – requir-
ing the sound field to be composed of infinitely many sound waves from uncorrelated sources with directions
of arrival uniformly distributed over a sphere. Microphone arrays allow for the decomposition of the sound
field into a continuum of plane waves composing it and therefore directly allow for the analysis of the isotropy
condition. By extending this concept to the decay process of the sound field we propose the directional energy
decay curve as an analysis framework of the directional properties of the decaying sound field in a reverberation
room.
Keywords: Diffuseness, Isotropy, Reverberation Rooms, Spherical Arrays

1 INTRODUCTION
Knowledge of the acoustic absorption properties of materials is crucial in the fields of architectural and room
acoustics simulations. The random-incidence absorption coefficient is measured according to the international
standard ISO-354 [1] in a reverberation room with the prerequisite of the sound field in the room being dif-
fuse. However, studies showed high uncertainties in the method and a poor inter-laboratory reproducibility of
the results [2]. It is assumption that these problems are in part caused by a non-diffuse sound field [3]. A
standardized robust metric for the characterization or calibration of reverberation rooms, however, is currently
lacking [4].
The fundamental definition is that the diffuse sound field is isotropic – requiring the sound field to be com-
posed of infinitely many sound waves from uncorrelated sources with directions of arrival (DOAs) uniformly
distributed over a sphere [5–7]. Important consequences for sound fields in rooms are a uniform sound pressure
distribution over space in the room and a uniform hemispherical energy distribution over an absorber specimen
in a reverberation room [1, 5]. The two latter points are prerequisites for the application of Sabine’s equation
for the calculation of the absorption coefficient [1, 3].
Thiele [8] and Gover [7] discuss the distribution and directional variation of the incident energy measured with
a directional receiver in a room to study the isotropy of a sound field in steady state. More recently, Nolan
et al. [6] studied the isotropy conditions of the steady state sound field in reverberation rooms using a spher-
ical harmonic expansion of the wave number spectrum. Earlier studies by Hunt et al. [9] and Kuttruff [10]
pointed out the influence of the absorbing sample on the decay process of the sound field and the resulting
multi-exponential nature of the corresponding energy decay curves (EDCs). This paper extends on the works
by Thiele [8] and Gover [7] by analyzing the directional properties of the sound field during the decay process
based on the directional energy decay curve (DEDC) which we calculate by applying the Schroeder integra-
tion [11] on a plane wave decomposition of the sound field, while the aforementioned studies were limited to
the steady state sound field as well as time windows of single reflections in room impulse responses.
Section 2 introduces the framework for the directional decomposition of the sound field using a spherical mi-
crophone array (SMA), as well as the concept and calculation of the DEDC. Section 3 introduces the experi-
mental setup under study in a reverberation room in different configurations with varying degrees of sound field
isotropy. The results are presented in Section 4, followed by the conclusions in Section 5.
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2 DIRECTIONAL ENERGY DECAY CURVE ANALYSIS
SMAs – or microphone arrays in general – allow for the capture of directional room impulse responses (DRIRs)
retaining directional information about the sound field in the room [12] and, therefore, prove to be a viable tool
in the analysis of sound field isotropy [6, 7].

2.1 Plane Wave Decomposition with Spherical Arrays
A DRIR measured with an SMA can be written as a vector of the microphone signals

p(k) = [p(k,r,θ1,φ1), . . . , p(k,r,θL,φL)]
T , (1)

where θl and φl are the elevation and azimuth angles of the l’th sensor position, respectively, k is the wave
number, and (.)T denotes the transpose operator. For a plane wave sound field we may write the sound pressure
at the microphone positions of an SMA as [12]

p(k) = B(k)anm(k), (2)

where

B(k) =


b0 (k,r1)Y 0

0 (θ1,φ1) b1 (k,r1)Y−1
1 (θ1,φ1) · · · bN (k,r1)Y N

N (θ1,φ1)

b0 (k,r2)Y 0
0 (θ2,φ2) b1 (k,r2)Y−1

1 (θ2,φ2) · · · bN (k,r2)Y N
N (θ2,φ2)

...
...

. . .
...

b0 (k,rL)Y 0
0 (θL,φL) b1 (k,rL)Y−1

1 (θL,φL) · · · bN (k,rL)Y N
N (θL,φL)

 , (3)

with the spherical harmonic basis functions1 Y m
n (θl ,φl) of order n and degree m evaluated at the elevation and

azimuth angles, respectively, and the modal strength function bn(k,rl) for an open array, both with a maximum
spherical harmonic (SH) order N. The vector anm(k) contains the SH coefficients defining the amplitude density
function of the plane waves composing the sound field. For a single plane wave incident this becomes a vector
containing the SH basis functions evaluated at the DOA. Applying plane wave decomposition, we decompose
the sound field into a continuum of plane waves, yielding the plane wave amplitude density function in the
spatial domain, also referred to as the wave number spectrum [12]

a(k,θq,φq) =
4π

(N +1)2 yT(θq,φq)B†(k)p(k), (4)

where yT(θq,φq) is the steering vector of the array containing the SH basis functions evaluated at the q’th
steering direction defined by the angles (θq,φq). The (.)† operator denotes the Moore-Penrose Pseudo-inverse.
Applying the inverse discrete Fourier transform we can calculate the time domain plane wave amplitude den-
sity a(t,θq,φq) which is to be interpreted as the angular distribution of plane waves impinging on the receiver
over time.

2.2 Directional Energy Decay Curves
The EDC is a fundamental tool in the analysis of sound fields in rooms, providing information about the energy
decay of a steady state sound field in a room excited by broadband noise [3]. Schroeder [11] proposed the
calculation of the EDC by an integration of the squared room impulse response (RIR). Analogously, we define
the DEDC by performing the Schroeder integration on the amplitude density function from Eq. (4), yielding

d(t,θq,φq) =
∫

∞

t
|a(τ,θq,φq)|2dτ

=
∫

∞

0
|a(τ,θq,φq)|2dτ−

∫ t

0
|a(τ,θq,φq)|2dτ = e(θq,φq)−

∫ t

0
|a(τ,θq,φq)|2dτ,

(5)

1We use real valued SH basis functions following the Ambix phase convention and N3D normalization.
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where e(θq,φq) is the steady state energy arriving from a single discrete direction (θq,φq). In contrast to
the directional analysis of sound fields purely based on DRIRs – which may only give information about the
directional distribution of energy for a single snapshot in time – the analysis of the DEDC provides directional
information about the decay process and the angular distribution of the remaining energy for each point in time.
It consequently allows to reveal non-uniform energy decays and may highlight directions with dominant energy
incidence. A remark that needs to be made is that the definition of the DEDC here does not allow for a strict
angular separation of individual decaying modes but rather a frequency band of multiple modes with arbitrary
mixing.
Gover [7] and Thiele [8] used the mean of absolute directional differences of the energy incidence from Q
discrete directions

σe =
1
〈e〉Ω

Q

∑
q=1
|e(θq,φq)−〈e〉Ω|, (6)

with the incident energy averaged over the direction of incidence Ω = (θq,φq)

〈e〉Ω =
1
Q

Q

∑
q=1

e(θq,φq), (7)

to discuss the isotropy – they refer to it as directional diffusion – of a sound field in a room. In a similar
fashion we may extend Eq. (6) to study the directional variation of the DEDC

σd(t) =
1

〈d(t)〉Ω

Q

∑
q=1
|d(t,θq,φq)−〈d(t)〉Ω|, (8)

where 〈d(t)〉Ω is the directional average of the DEDC over Ω at time instance t. Inserting Eq. (5) into Eq. (8)
it may be seen that σd(t = 0) = σe. Thiele [8] and Gover [7] further included a normalization factor calculated
as in Eq. (6) for the case of a single plane wave, here referred to as σe,0. Analogously, we normalize Eq. (8)
and apply a re-normalization by subtracting from one, yielding the estimated isotropy of the sound field,

µd(t) = 1− σd(t)
σe,0

. (9)

Equation (9) is a function in the interval µd(t) ∈ [0,1], which will be zero for a single plane wave incident and
one for a perfectly isotropic sound field.
For a more granular analysis we may also calculate the isotropy for the azimuth or elevation angle separately,
which we denote as µd,φ (t) and µd,φ (t), respectively. To exemplary estimate the isotropy over elevation angles
we first sum up the DEDC over the azimuth angle dΣ,φ (t,θ) = ∑

U
u=1 d(t,θq,φu) before calculating the directional

variation over the elevation 〈d(t)〉θ = 1
Q ∑

Q
q=1 dΣ,φ (t,θq), which we substitute into Eq. (8). It hast to be noted

that the normalization term σe,0 also needs to be adjusted accordingly.

3 EXPERIMENTAL SETUP
The DEDCs were analyzed experimentally for a rectangular reverberation room at the Technical University of
Denmark (2800 Kgs. Lyngby, Denmark) in four configurations: The empty room, with and without diffusing
panels and the room occupied with an absorbing sample of glass wool with a flow resistivity of 12.9 kPa · s/m2,
a thickness of 100 mm and a surface area of 10.8 m2. The absorption coefficient of the absorbing sample is
1.04 for the 500 Hz third octave frequency band considered in this paper. The absorption values were measured
according to ISO-354 [1] in the same room at an earlier time with mounted diffuser panels. The room has the
dimensions (x,y,z) = (6.25m,7.85m,4.9m) and an approximate volume of 245 m3 and a Schroeder frequency
slightly over 300 Hz. The sound field in the room was excited by a source mounted in the corner below the
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(a)

x y
z

Source

Receiver

(b)

Figure 1. The experimental setup with source and receiver positions as well as the absorber position in the
reverberation room. The pose of the robotic arm in Fig. 1(a) marks the south pole of the inner sphere. For
better visual interpretability only sampling positions on the outer sphere are shown in Fig. 1(b).

ceiling at approximately (0.2m,0.2m,4.7m), cf. Fig. 1(b). The impulse response measurement was performed
with the ITA-Toolbox [13] using exponential sweeps as excitation signal. The signal acquisition was performed
using a National Instruments NI USB-4431 DAQmx system. An UR5 (Universal Robots, Odense, Denmark)
scanning robot arm in combination with a pressure-field 1/2 ′′ Brüel & Kjær type 4192 microphone paired with
a Brüel & Kjær Nexus pre-amplifier was used to sample a sequential dual-layer spherical microphone array,
cf. Figs. 1(a) and 1(b). The two layers with radii r = (0.25m,0.45m) consist of 144 sampling positions chosen
according to an equal-area grid on the sphere [14]. Additional sampling positions inside the respective spheres
were used to achieve good stabilization of the eigenfrequencies of the spheres [15]. The receiver array was cen-
tered at (2.98m,4.16m,1m), cf. Fig. 1(b). The resulting virtual array consists of 310 sampling positions. For
a SH order N = 5 this yields a usable frequency range of approximately 200 Hz - 3 kHz when fully equalizing
for the modal strength of the array and thus ensuring a constant angular resolution [12]. For lower frequen-
cies a soft limiting approach of the radial filter was used [16] to avoid degradation of the signal quality due
to noise amplification. The used sequential array sampling approach provides a high signal-to-noise ratio and
prevents microphone mismatch while minimizing potential positioning errors. The measurement duration for a
full sequential array ranged from 2.5 h to 4.5 h depending whether an absorbing sample was present or not. The
temperature was logged before and after each measurement. Temperature changes remained well below 0.3 ◦C
during the measurement of one sequential array.
Finally, the plane wave decomposition was performed for 882 steering directions chosen according to a Gaussian
quadrature grid on a sphere [17]. The DEDCs were then calculated using the Schroeder integral after subtract-
ing the measurement noise from the squared plane wave density function analogously to the noise subtraction
method proposed by Chu [18]. The DEDCs were truncated to the shortest joint decay time corresponding to a
decay of 50 dB ensuring decay curves with joint valid length.

4 RESULTS
Figures 2 to 5 show contour plots of the DEDCs for the four different configurations at time instances cor-
responding to the steady state sound field and decays of −5 dB, −10 dB, −15 dB, −25 dB, and −35 dB. The
time instances are calculated from the zeroth-order spherical coefficient which corresponds to the omnidirec-
tional response of the array. The DEDCs are normalized to the directional mean for each time instance and
thus indicate variations from the mean energy incident over all directions. The estimated isotropy using Eq. (9)
is given in Fig. 6, and in Fig. 7. Markers are placed at the same time instances as in Figs. 2 to 5.

Comparing Figs. 2 and 3 to Figs. 4 and 5 it is very apparent that the absorber has a strong influence on
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Figure 2. Normalized DEDC for the empty room with diffuser panels. Figures correspond to time instances
with a omnidirectional energy decay of [0,5,10,15,25,35] dB, respectively.
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Figure 3. Normalized DEDC for the empty room without diffuser panels. Figures correspond to time instances
with a omnidirectional energy decay of [0,5,10,15,25,35] dB, respectively.

the sound field, as most energy in the lower hemisphere is absorbed. This consequently leads to a sound field
which is not isotropic. This is reflected by a lower overall isotropy estimation for these cases compared to the
cases without an absorbing sample, as seen in Fig. 6. While the sound field with the absorber present seems
to be at least uniformly distributed over the upper hemisphere during the decay process when the diffuser pan-
els are mounted in the room (cf. Fig. 4), one can observe a dominant concentration of energy in the equator
region once the diffuser panels are removed, cf. Fig. 5. Despite a seemingly improved mixing of the sound
field at t−5dB, and t−10dB, this effect increases with time, indicating an increase in energy flows tangential to
the absorber for later times in the decay process. The maxima at azimuth angles φ = (−180 ◦,−90 ◦,0 ◦,90 ◦)
are located in the direction of the sidewalls indicating that the decay process is dominated by normal modes
corresponding to grazing incidence while oblique modes are not as pronounced. This may also be expected as
the oblique modes are affected more by the absorber and consequently expected to decay faster. Accordingly,
Fig. 6(b) shows a decrease in the estimated isotropy of the sound field for the later decay after it initially in-
creased until t−10dB. This decrease is not found when diffuser panels are mounted in the room, in which case
the estimated isotropy seems to converge to a constant value, cf. Fig. 6(b). From Fig. 7 it can be observed
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Figure 4. Normalized DEDC for the room with the absorber and with diffuser panels. Figures correspond to
time instances with a omnidirectional energy decay of [0,5,10,15,25,35] dB, respectively.
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Figure 5. Normalized DEDC for the room with absorber and without diffuser panels. Figures correspond to
time instances with a omnidirectional energy decay of [0,5,10,15,25,35] dB, respectively.

that the decrease in the isotropy is caused by a non isotropic sound incidence over elevation angles rather than
azimuth angles, supporting the hypothesis that the decrease in the overall isotropy is caused by energy flows
tangential to the absorber sample. These results seem to be in line with earlier findings by Hunt et al. [9] who
found that the late decay is largely dominated by modes corresponding to a grazing incidence.
Interestingly, the isotropy estimator also predicts a decrease in the isotropy in the case of the empty room
without diffuser panels (cf. Fig. 6(a)) which is likely to be caused by strong reflections from the fairly closely
located floor, see Fig. 3. Again, this effect vanishes with mounted diffuser panels, cf. Fig. 2, resulting in an
increased isotropy estimate, cf. Fig. 6(a). It has to be noted however, that the isotropy is very close to the
maximum value of one, exhibiting the possibility that the angular resolution limit of the array and thus the
estimator is reached.
The isotropy estimation has also been performed using the isotropy estimator proposed by Nolan et al. [6]
which has been adapted to the DEDC for this purpose. The method yields quantitatively similar results to the
method presented here. Further discussion however, is out of the scope of this paper. Nonetheless, the same set
of data is also processed in [19]. Further comparisons of the two estimators are planned by the authors.
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Figure 6. Estimated isotropy of the sound field in the 500 Hz third octave band for the four different configura-
tions. Markers indicate a decay of [0,5,10,15,25,35] dB in the omnidirectional EDC, respectively.
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(a) Isotropy over the elevation angle.
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(b) Isotropy over the azimuth angle.

Figure 7. Isotropy calculated for elevation and azimuth angles separately by first summing over the DEDC of
the respective other angle. Results represent the configurations with the absorber in the 500 Hz thirds octave
band. Markers indicate a decay of [0,5,10,15,25,35] dB in the omnidirectional EDC, respectively.

5 CONCLUSIONS
We presented the directional energy decay curve based on the plane wave decomposition of the sound field
for the analysis of the isotropy during the decay process of the sound field in reverberation rooms. An exper-
imental study was conducted giving insights into the directional dependence of the decaying sound field with
a particular focus on the elevation angle, when an absorbing sample is placed in the reverberation room, thus
clearly indicating a non isotropic sound field. Further, it was shown that the isotropy of the sound field may
even decrease over time during the decay process in a rectangular room without diffuser elements due to an
increased energy flow tangential to the absorber. We expect that the presented analysis method may give new
insights into the well known inconsistencies in the measurement of the absorption coefficient [2].
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ABSTRACT 
A new reverberation room has just been built at Centre for Audio, Acoustics and Vibration in 
University of Technology Sydney. This paper reports some key parameters of the room, which 
include the background noise and its spectrum, the number of modes in low frequency bands, the 
cut-off frequency, the standard deviation of the spatial variations of the reverberant field, the decay 
curves of the sound pressure level versus time, the reverberation times, and the absorption 
coefficients. The volume of the room is approximately 232 m3 with a total surface area of 
approximately 247 m2. The averaged overall background noise level inside the room is 23.1 dB and 
18.1 dBA, the number of modes is greater than 30 in one-third-octave bands with centre frequencies 
of 160 Hz and above, the standard deviation of the sound pressure levels is less than 1.5 dB in 
one-third-octave bands with centre frequencies of 125 Hz and above, and the decay curves of 
sound-pressure level versus time is linear in all one-third-octave bands. The reverberation time of 
the room can be as long as 20 s in the low frequency range around 100 Hz, and the shortest 
reverberation time is about 3.1 s in the high frequency range around 5000 Hz. The equivalent 
sound absorption areas of the empty room in all one-third-octave bands are smaller than the 
threshold values specified in the standard, and the curve is smooth without any dips or peaks which 
differ by more than 15% from the mean values of two adjacent one-third-octave bands. The sound 
absorption coefficients in all frequency bands of the empty reverberation room are less than 0.02. 
 
Keywords: Reverberation, decay curve 

1. INTRODUCTION 
A reverberation room is a room w ith low absorption (i.e. the total room absorption is small 

in comparison with the actual surface area) and large volume (i.e. the smalles t dimens ion is  
large in comparison with the sound wavelength), des igned to produc e a nearly diffuse 
reverberant sound f ield (1). It can be used to measure sound absorption of materials and 
structures (2) and to determination sound power levels of noise sources us ing sound pressure 
prec is ion methods (3). There is no s tr ict dimens ion requirement for reverberation rooms, but it 
is recommended in the standards that the volume of the reverberation room shall be at least 150 
m3 (2). For new constructions, the volume is strongly recommended to be at least 200 m 3, but 
when the volume is greater than about 500 m3, the sound absorption at high frequenc ies might 
be hard to be measured accurately due to air absorption (4). 

The shape of the reverberation room shall fulf ill certain requirements (2). For example,  
the length of the longest straight line which f its within the boundary of the room should be 
less than 1.9 times of the cube root of the volume of the room. To achieve a uniform 
distr ibution of natural frequenc ies, espec ially in the low frequency bands, no two dimens ions  
of the room shall be in the ratio of small whole numbers . Stationary or suspended diffusers  
are often randomly ins talled (w ith random orientations) throughout the room to make the 
decaying sound f ield suffic iently diffuse. The s ize of the diffusers ranges from 
approximately 0.8 m2 to 3 m2  in area (for one s ide), and they can be plane or  s lightly curved 
sheets w ith low sound absorption and w ith a mass per  unit area of about 5 kg/m 2. In 
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rectangular rooms, the area (both s ides) of diffusers usually needs to be 15-25% of the total 
surface area of the room to achieve satisfactory diffusion (2).  

The equivalent sound absorption area of the empty room shall not exceed certain values  
(2). For a room with a volume of 200 m3, this value is 6.5 m2 for the one-third-octave bands 
from 100 Hz to 800 Hz. For the bands from 1000 Hz to 1600 Hz,  it increases from 7.0 m2 to 
8.0 m2 w ith a step of 0.5 m2. At the bands of 2000 Hz and 2500 Hz, the values are 9.5 m2 and 
10.5 m2 respectively. For the bands from 3150 Hz to 5000 Hz, it increases from 12.0 m2 to 
14.0 m2  w ith a s tep of  1.0 m2. If the volume of the room V differs  from 200 m3, these values 
shall be multiplied by (V/200)2/3. The curve of  the equivalent sound absorption area of the 
empty room versus the frequency shall be smooth w ithout any dips or  peaks which differ by 
more than 15% from the mean values of two adjacent one-third-octave bands.  

The prediction accuracy us ing the diffuse-field formulae is related to the degree of  
sound-field diffuseness in the reverberation room (5). In some standards, there is a procedure 
to ass ist in ensuring that reverberation rooms create highly diffuse f ields.  For example, in 
Annex A of ISO 354-2006, a procedure is introduced to achieve acceptable diffus ivity by 
us ing f ixed diffusers. The idea is to check the change of the mean value of the sound 
absorption coeffic ients from 500 Hz to 5000 Hz w ith the number of diffusers until it 
approaches a maximum for a standard test spec imen whic h has a sound absorption 
coeffic ient greater than 0.9 over the frequency range from 500 Hz to 4000 Hz (2).  Even w ith 
this highly controlled environment in a reverberation room created and commiss ioned based 
on the standard, s ignif icant deviations in measured quantities have been found in many 
round-robin tests (6).  

When measuring highly absorptive spec imen of a certain size, the sound f ield in a 
reverberation room might not be diffuse. Furthermore, those panel diffusers introduce a 
number of unc ertainties (7). Due to all these randomly placed panels, the acoustical behavior  
in the room is much more complicated, and it’s not easy to determine the real acoustic al 
effective volume and the total boundary surface of the reverberation room. Volume diffusors  
such as f ixed reinforced concrete spheric al diffusers have been used w ith an irregular shape 
and tilted walls to enhanc e the diffus ivity in a reverberation room w ith the advantage of  
knowing the real volume and boundary area of the room (8). 

Three reverberation rooms of different s izes (82 m3, 125 m3, and 150 m3 ) and shapes  
prescribed by standards were studied by analyzing their capacity to approximate a diffuse 
sound f ield in terms of cut-off-frequenc y, number of modes, spatial uniformity of reverberant 
sound f ield, curvature of energy decay curves, accuracy of measured reverberation time and 
absorption coeffic ient (5). I t is found that the measurement s tarting from the 160-Hz 
third-octave band us ing the 150 m3 oblique-shaped reverberation room w ith the shortest 
vertic al dimens ion gives a better  reverberation time prediction accuracy and smaller sound 
pressure level spatial variation than the other reverberation rooms of different volum es and 
shapes. 

A new reverberation room has just been built at Centre for Audio, Acoustics and 
Vibration in Univers ity of Technology Sydney (UTS). This paper reports some key 
parameters of the room, whic h inc lude the background noise and its spectrum, the number of  
modes in low frequency bands, the cut-off frequency, the standard deviation of the spatial 
variations of the reverberant field, the decay curves of the sound pressure level versus time,  
the reverberation times, and the absorption coefficients. 

2. THE REVERBERATION ROOM AT UTS 

2.1 Dimensions 
The reverberation room at UTS comprises an inner shell of concrete walls forming four 

walls and a roof, all mounted on a des igned concrete f loating s lab f loor whic h in turn is f loated 
on correctly loaded anti-vibration mounts  to reduce the inference from surround sound and 
vibration. The room has two double leaf tr iple seal access doors  with the dimens ion of 1.30 m 
wide and 2.54 m wide, respectively. The structural opening for measuring the transmiss ion 
loss with a receiving room is about 3.83 m wide and 2.99 m high w ith a clear opening 3.37 m 
wide and 2.99 m high. For the tes ts that only use the reverberation room, the opening is  c losed 
with a two double-leaf tr iple-seal thic k door. Four randomly placed transparent perspex plan e 
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panels are suspended as diffusers from the roof of the room to tune the acous tics to meet the 
requirements of ISO 354. The s ize of the panel is 1.50 m  1.20 m  0.01 m. Figure 1 shows 
the geometry of  the reverberation room,  where HT means the height of wall from floor level 
and all units are in millimeter. Figure 2 shows 2 photographs inside the reverberation room. 

 

Figure 1 – Geometry of the reverberation room, where HT means the height of the wall from 
floor level with the default units being millimeter 

 

      

Figure 2 – Photographs of the reverberation room at UTS 
 

Measurements were taken in 18 one-third-octave bands with the centre frequenc ies of 100 
Hz, 125 Hz, 160 Hz, 200 Hz, 250 Hz, 315 Hz, 400 Hz, 500 Hz, 630 Hz, 800 Hz, 1000 Hz,  
1250 Hz, 1600 Hz, 2000 Hz, 2500 Hz, 3150 Hz, 4000 Hz, and 5000 Hz according to ISO 354.  
The background sound pressure level was measured by us ing a Brüel & Kjær hand-held 
analyzer (Type 2250), and the other parameters were measured by Brüel & Kjær 4191 1/2" 
microphones with a Brüel & Kjær 4292-L high-power omnidirectional loudspeaker. The 
pos itions of the microphone and the sound source used in the measurements are listed in 
Table 1, and the origin of the coordinate is at the r ight bottom corner of the f loor of the room 
as shown in Figure 1. The temperature and relative humidity in the room during the 
measurements are 22.8°C and 68%, respectively. 

2.2 Background Noise  
The background noise was measured at the 6 microphone pos itions shown in Table 1 

follow ing the requirements of ISO 354. The averaged measured values (arithmetic mean 
value of the values at the 6 microphone pos itions) in the 18 one-third-octave bands and the 
absolute criter ia for background noise spec if ied in ISO 3741 are show n in Figure 3. The 
averaged overall background noise level of the sound pressure level in the whole frequency 
band is 23.1 dB and 18.1 dBA. 
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Table 1 – The positions of the microphone and sound source in the measurements 
Items  x (m) y (m) z (m) 

Microphone 1 3.88 4.23 1.23 
Microphone 2 5.14 2.66 1.23 
Microphone 3 3.66 1.22 1.23 
Microphone 4 1.08 3.62 1.23 
Microphone 5 2.65 4.61 1.23 
Microphone 6 2.27 1.01 1.23 

Source 1 4.79 5.84 1.45 
Source 2 5.50 0.66 1.45 
Source 3 0.41 1.80 1.45 

 

 
Figure 3 – The average background noise levels in the reverberation room at UTS measured 

with a Brüel & Kjær Type 2250 hand-held analyzer and the criteria for background noise 
specified in ISO 3741 

2.3 Number of Modes in Low Frequency Bands 
Figure 4 shows a typical frequency response measured at one corner of the room (0.80,  

0.75, 1.23) m w ith a loudspeaker at the oppos ite corner of the room (5.80, 4.80, 1.45) m 
us ing the sweep s ine waves, and the number of modes in the f irs t 4 one-third-octave bands in 
the low frequency range are shown in Table 2. Because 20 is the minimum number of modes  
required for suffic ient f ield diff useness, it seems that the reverberation room at UTS meets  
the requirements for one-third-octave bands with centre frequencies of 160 Hz and above.  

2.4 Spatial Variations of the Reverberant Field 
The standard deviation of the sound pressure levels measured at s ix microphone pos itions  

for a sound source pos ition in a one-third-octave band can be calculated with Eq. (1)  
following Chapter 8.4.1 of ISO 3741, 

M 2
M

M
1 M

( )
1

N
i

i

L Ls
N

      (1) 

where Li is  time-averaged sound pressure level in the one-third-octave band measured at the 
ith microphone pos ition, LM is the arithmetic mean value of the time-averaged sound 
pressure levels in one-third-octave band measured at the s ix microphone pos itions, and NM = 
6 is the number of microphone pos itions. Table 3 lists the averaged s tandard deviation of the 
sound pressure levels for the 3 sound sources, which should not exceed 1.5 dB in any 
one-third-octave band. In this room, the averaged s tandard deviation of the sound pressure 
levels at 100 Hz exceeds 1.5 dB, so more diffuse panels might be needed in the room.  
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Figure 4 – A typical frequency response in the reverberation room at UTS, where the 

vertical lines are used to illustrate the first 4 one-third-octave bands with centre frequencies 
100 Hz, 125 Hz, 160 Hz and 200 Hz. 

 
Table 2 – Number of modes in the first 4 one-third-octave bands in the reverberation room at UTS 

Frequency Band (Hz)  100 125 160 200 

Number of Modes 17 17 33 54 
 

Table 3 – The parameters of the reverberation room at UTS 

Frequency (Hz)  

Averaged 
standard 

deviation of the 
SPL (dB)  

Mean RT (s) 
(interrupted noise 

method) 

Sound absorption 
area (m2) 

Sound absorption 
coefficients 

100 2.2 15.0  2.43 0.0099 
125 1.2 19.3 1.86 0.0075 
160 1.2 14.4 2.47 0.010 
200 1.1 12.9 2.73 0.011 
250 0.8 12.0 2.87 0.012 
315 0.6 11.4 2.91 0.012 
400 0.5 10.7 3.01 0.012 
500 0.5 10.3 2.99 0.012 
630 0.3 9.6 3.06 0.012 
800 0.2 8.9 3.19 0.013 
1000 0.3 8.9 2.99 0.012 
1250 0.3 8.1 3.20 0.013 
1600 0.2 7.3 3.44 0.014 
2000 0.3 6.3 3.80 0.015 
2500 0.2 5.6 4.03 0.016 
3150 0.3 4.7 4.40 0.018 
4000 0.3 3.9 4.75 0.019 

5000 0.4 3.1 5.01 0.020 
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2.5 Decay Curves of the Sound Pressure Level versus Time 
Degree of  linearity of  temporal-decay curves can be a good indic ator of f ield diffuseness.  

The decay curves of sound-pressure level versus time should be linear to c onform to the 
assumption of the diffuse-field theory.  For each microphone/loudspeaker pos ition, the decay 
curve is obtained by averaging 3 meas urements as required by Chapter 7.2.2 of ISO 354. The 
decay curves recorded at different microphone/loudspeaker pos itions shall not be averaged.  
Figure 5 shows the decay curves of the sound pressure level versus time at all microphone 
pos itions in the one-third-octave bands of 100 Hz, 500 Hz, 1000 Hz and 5000 Hz w ith the 
sound source at pos ition 1. The decay curves over 12.5 s are present. Follow ing Chapter  
7.4.1 of ISO 354, the evaluation of each dec ay curve for each frequency band shall start at 5 
dB below the initial sound pressure level, the evaluation range shall be 20 dB and the bottom 
of the evaluation range shall be at least 10 dB above the overall background noise of the 
measuring system. 

 

 
   (a)                                    (b) 

 
 (c)                                  (d) 

Figure 5 – Decay curves of the sound pressure level versus time for the 6 microphones with 
the sound source at position 1, (a) 100 Hz, (b) 500 Hz, (c) 1000 Hz, (d) 5000 Hz. 

2.6 Reverberation Time 
The interrupted noise method is chosen to measure the reverberation time as spec if ied in 

Chapter 7.2 of ISO 354. The exc itation time is set to 20 s in the experiments which is at least 
half of the estimate of the expected reverberation time in order to obtain steady-state 
conditions according to Chapter 7.2.1 of ISO 354. The number of spatially independent 
measured decay curves shall be at leas t 12. Six microphone pos itions and 3 sound source 
pos itions have been used,  and their pos itions follow the guidelines spec if ied in Chapters  
7.1.2 and 7.1.3 of ISO 354. The mean reverberation time of the room in each frequency band 
is expressed by the arithmetic mean of the reverberation time measured in the frequency 
band as specified in Chapter 8.1.1 of ISO 354.  
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According to Chapter 3.2, the reverberation time (the time w ith a sound pressure level 
decrease by 60 dB) can be fulf illed by linear  extrapolation of shorter evaluation ranges. The 
evaluation ranges for reverberation time (RT) calculation are 20 dB for lower frequency 
bands and 30 dB for higher frequency bands. Table 3 lists the mean RT values us ing the 
interrupted noise method as spec if ied in ISO 354. The reverberation time can be as long as  
20 s in the low frequency range around 125 Hz, and the shortest reverberation time is about 
3.1 s in the high frequency range around 5000 Hz.    

 

2.7 Sound Absorption Areas and Absorption Coefficients  
As defined in Chapter 6.1.4 of ISO 354, the equivalent sound absorption area of the 

empty room shall not exceed certain values. For this room w ith a volume of 232.0 m3, this  
value is 7.15 m2 for the one-third-octave bands from 100 Hz to 800 Hz. For the bands from 
1000 Hz to 1600 Hz, it increases from 7.7 m2 to 8.8 m2 w ith a step of 0.55 m2. At the bands 
of 2000 Hz and 2500 Hz, the values are 10.5 m2 and 11.6 m2, respectively. For the bands  
from 3150 Hz to 5000 Hz, it increases from 13.2 m2 to 15.4 m2 with a step of 1.1 m2.  

The equivalent sound absorption areas lis ted in Table 3 are calculated w ith Eq. (5) in ISO 
354 us ing the mean measured reverberation time of the room in each frequency band in 
Section 2.6. In the c alculation, the volume V = 232.0 m3, the sound speed c = 344.7 m/s, and 
the power attenuation coeffic ient m1 = /[10 log10(e)], where  is the attenuation coeffic ient  
due to atmospheric absorption calc ulated according to ISO 9613-1 (9). Figure 6 shows the 
curve of the equivalent sound absorption area of  this  empty room versus frequency.  The 
curve is smooth w ithout any dips or peaks whic h differ  by more than 15% from the mean 
values of two adjacent one-third-octave bands.  

 

  
Figure 6 – The equivalent sound absorption area of this empty room versus the frequency 
 
The sound absorption coeffic ient of the empty reverberation room in each frequency band 

is c alculated by dividing the equivalent sound absorption area of the empty room with the  
total surfac e area (walls, ceiling, floor and two s ides of each diffuse panels) in the room. In 
the calc ulation, the areas of the four walls are 42.34, 34.32, 38.74 and 40.62 m2 respectively; 
the area of the ceiling is 41.22 m2; the area of the f loor is 35.43 m2, and areas of the panel 
diffuses are 1.80  8=14.40 m2, so the total surface area of the room is 247.2 m2. The results  
are also listed in Table 3. The absorption coeffic ients in the low frequency range below 160 
Hz is less than 0.01. In the frequency range from 200 Hz to 2000 Hz, it increases from 0.01 
to 0.015.  About 2000 Hz, the absorption coeffic ients are greater than 0.015, and the 
maximum value is approximately 0.02 at 5000 Hz. The absorption coeffic ients in all  
frequency band are less than 0.02.  

Future work inc ludes measuring the sound absorption coeffic ient w ith sound absorption 
materials, comparing the tes t results with that from other acoustics labs  in the world (round 
robin tests), studying the effects of the diffuse panels and optimizing the loc ation and 
number of the diffusers,  exploring new materials and structures for  better sound diffus ion,  
and building up a fast measurement system. 
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3. CONCLUSIONS 
A new reverberation room has just been built at Centre for Audio, Ac oustics and Vibration 

in Univers ity of Technology Sydney. Th is  paper reports some key parameters of the room,  
which inc lude the background noise and its spectrum, the number of modes in low frequency 
bands, the cut-off frequenc y, the standard deviation of the spatial variations of the reverberant 
field, the decay curves of the sound pressure level versus time, the reverberation times, and the 
absorption coeffic ients. The volume of the room is approximately 232 m3 with a total surfac e 
area of approximately 247 m2. The averaged overall background noise level ins ide the room 
is 23.1 dB and 18.1 dBA, the number of modes is greater than 30 in one-third-octave bands  
with centre frequenc ies of 160 Hz and above, the s tandard deviation of the sound pressure 
levels is  less than 1.5 dB in one-third-octave bands w ith centre frequenc ies of  125 Hz and 
above, and the decay curves of sound-pressure level versus time is linear in all  
one-third-octave bands. The reverberation t ime of the room can be as long as 20 s in the low  
frequency range around 100 Hz, and the shortest reverberation time is about 3.1 s in the high 
frequency range around 5000 Hz. The equivalent sound absorption areas of the empty room 
in all one-third-octave bands are smaller than the threshold values specif ied in the standard  
ISO 354, and the curve is smooth without any dips or peaks which differ by more than 15% 
from the mean values of two adjacent one-third-octave bands. The sound absorption 
coefficients in all frequency bands of the empty reverberation room are less than 0.02. 
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ABSTRACT 
The scaled reverberation room has proven to be an excellent tool for acoustic consultants and professionals 
alike to carry out comparison tests between acoustic materials and 3D systems or structures. The suitability 
of a scaled reverberation room is currently under investigation for the evaluation of the frequency-dependent 
sound absorption. At present, no standard is available on the methods that could be used to derive acoustic 
absorption coefficients from scaled measurements. In this work practical aspects of ISO 354 have been 
investigated within a 1:5 scaled reverberation room: a balance has been sought between reducing sample size, 
to reduce the manufacturing costs of materials, and finding the appropriate sample area, thickness, orientation 
and edges treatment, to obtain reliable values at mid and high frequencies. Four different materials have been 
tested. The paper discusses some of the findings of the measurements conducted on the same materials in a 
full-scale reverberation room according to ISO 354, in a 1:5 scaled reverberation room and in an impedance 
tube according to ISO 10534-2. The absorption coefficients data collected have been effective in proving that 
small reverberation room tests can provide compatible results compared to standard ones in 400-5000 Hz 
frequency range. 
 
Keywords: Sound, Absorption coefficient, Reverberation room, Scaled measurements 

1. INTRODUCTION 
The characterization of the absorption coefficient has been the focus of continuous research even 

after the consolidation of the reverberation room method described in ISO 354 (1) and ASTM Standard 
C423(2). However, it has been shown that large discrepancies over the full frequency range of interest 
may occur between different laboratories even though they fulfill the standard requirements (3). 
Moreover, a prerequisite for the good reliability of this method is the presence of a diffuse field , which 
is usually improved by equipping the room with sound diffusers of different types (4,5). However, it 
should be considered that the efficiency of the diffusers is reduced when the frequency of the sound 
to be measured decreases (6). This basic assumption, i.e. the diffuse field conditions differences 
between laboratories has been questioned lately aiming at new requirements to be defined in terms of 
diffusivity for the laboratories (7). 

Given the continuous research on several critical aspects within the full-scale reverberation room 
measurements, this paper intends to explore also the acoustic conditions and reliability of the random-
incidence absorption coefficient within a scaled reverberation room. The need for scale measurements 
of the absorption coefficient arises for several practical reasons related to the economical and time 
efforts due to the preparation of the samples. The main advantage of a scaled room is that of being 
able to analyze samples that are much smaller than the 12 m2 required by the real scale room 
measurements (V>200 m3). Two main difficulties appear when dealing with small reverberation 
rooms: the lack of a sufficient degree of diffusivity of the acoustic field, and the diffraction due to the 
finite size of the tested material (edge effects) especially at the low frequencies (8-10).  

In particular, the scaled rooms have been of interest in the automotive sector (11), which usually 
requires absorption data at medium-high frequencies. This interest has led to a SAE (Society of 
Automotive Engineers) standard (12) on the use of the small rooms for absorption coefficients 
                                                        
1 louena.shtrepi@polito.it 
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measurements. The common dimensions of these rooms are in the range 3-9.68m3 and a sample area 
of 0.4-1.5m2 is usually sufficient (13). The most well-known one is the Alpha Cabin built by the Swiss 
company Rieter, with a volume of 6.5m3, which is largely used in the automotive industry allowing 
to measure 1.2m2 of flat samples or trimmed parts. The design and size of the first Alpha Cabin is 1:3 
of the large reverberation room located in the Swiss Federal Laboratory of Material Testing and 
Research Institute (EMPA). It provides accurate measurements in the frequency range of 400-10000Hz. 
Further smaller scaled rooms are reported in Rey et al. (14) with a volume of 1.12 m3 and test sample 
area of 0.3 m2, and Pacheco et al. (15) with a volume of 0.96 m3and and test sample area of 0.3 m2. 

A few studies have also compared scaled reverberation room measurements with those performed 
in a full-scale reverberation room. A good match of the results has been shown in the range of 
frequencies (above 400Hz) in which the small sized reverberation room fulfils the diffusion conditions, 
i.e. where the degree of diffusion is close to 1 (14, 16-18). However, these studies highlight also larger 
discrepancies at low frequencies due to the reduced dimensions of the room. This seems to be more 
critical as the size of the reverberation room becomes significantly smaller, as the resulting smaller 
sample area produces a larger edge effect (8, 19). These effects are particularly high at low frequencies 
in those cases when highly absorbing materials with high thicknesses are tested.  

Further investigation is needed to clarify the compromise between reducing the sample size to 
reduce the manufacturing costs and finding the appropriate room conditions to obtain reliable results.  

This study examines the measurements over four different materials in a 1:5 scale reverberation 
room in the laboratories of the Energy Department (DENERG) of Politecnico di Torino, with the aim 
of evaluating the validity of the sound absorption coefficient measurements. Three different 
dimensions, three orientations and two conditions of the sample edges have been investigated. The 
work involves a comparison with two other different measurements made on the same materials , that 
is, in a full-scale reverberation room (ISO 354) and in the impedance tube or Kundt’s tube (ISO 10534-
2). 

2. METHODS 

2.1 Tested Materials 
A set of four materials has been tested (Figure 1) in scaled reverberation room. These materials 

were available at INRiM (National Institute for Metrological Research), where have been also 
performed the measurements in a full-scale reverberation room according to ISO 354 (1) and in an 
impedance tube (or Kundt’s tube) according to ISO 10534-2 (20). 

Materials A and B are made of glass wool panels with a density of 80 kg/m3 and an overall thickness 
of 40mm and 50mm, respectively. Material C is a 15mm thick panel with a layer of 12.5 mm of 
plasterboard. These three panels have a layer of 12.5mm of finish made of glass spheres and a marble 
powder. Material D is composed of two superimposed layers of polyester fiber  with a density of 
80kg/m3 and a thickness of 30mm each. Also, this material has a cellular glass finish of 12.5mm over 
the upper layer, and a mixture of rubber and concrete layer of 12.5mm at the bottom.  

 

A   B   C   D  
Figure 1 – A) e B) Glass wool panels with a finish of glass spheres and a marble powder (40 and 

50mm). C) Panel with a layer of plasterboard and one of glass spheres and a marble powder (15mm). D) 
Double layered Polyester fiber panel (75mm). 

 
Since the sound field in the reverberation room is strongly dependent on the configuration of the 

measured material, the following parameters have been tested in order to evaluate the optimal 
configuration of the scaled reverberation room. Measurements have been performed considering: 

- three different sample sizes for all the materials (0.6x0.4m; 0.6x0.6m; and 0.6x0.8m); 
- three different orientations on the floor (Fig.2) for the 0.6x0.4m and 0.6x0.8m sample sizes and 
each material. It should be noted that the ISO standard recommends an oblique orientation 
(orientation 2).  
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- two conditions with and without isolated borders (for A and B material only). An aluminum 
adhesive tape has been used seal the edges of each sample. It should be noted that the ISO standard 
recommends to seal the edges of the sample with reflective material.  

Three repetitions have been performed for each condition in order to evaluate the measurements 
repeatability. 

 

 
Figure 2 – Measurements in the scaled reverberation room of one of the samples with three different 

orientations, and with sealed (BI) and unsealed (BNI) edges. 
 

2.2 Reverberation Room Measurements (1:5 scale) 
The scaled reverberation room (Figure 2) is a laboratory at DENERG (Department of Energy, 

Politecnico di Torino, Italy). It is a 1:5 scale reproduction of the reverberation room of INRiM, which 
has a volume of 296 m3. The room has been primarily built for random-incidence scattering coefficient 
measurements according to ISO 17497-1 (21). It is an oblique angled room with pairs of nonparallel 
walls. The average room dimensions are 1.53 x 1.56 x 1.20 m, which lead to a volume of 2.86 m3. 
One of the sides consist of two movable parts that allow to have a large opening to ease the positioning 
of the sample. The construction material is self-supporting lightweight partitions of MDF (Medium 
Density Fibreboard) with a thickness of 3.8 cm, which has been further covered by a layer of adhesive 
film in order to maximize its reflective properties. The structure is raised from the ground on a wooden 
structure and damping layers have been used along the joints and openings. In order to assure a high 
diffusivity of the sound field (22), 8 diffusers (13.5% of the total room area) have been hanged over 
the ceiling, which is considered as a more economical solution compared to boundary diffusers leading 
to an almost equivalent effect on the diffusion of the sound field (5). A systematic study of the sound 
field diffusivity evaluation of the room has been shown in (23). The diffusivity check has been 
performed in accordance with ISO 354 based on the measurements of the equivalent absorption area 
of a highly sound absorptive panel made of polyester fiber.  

The measurement chain is composed of six BSWA Tech MPA45 microphones and two ITA 
dodecahedral sources in order to perform 12 measurements (the minimum number required by ISO 
354). The software used for the measurements is Matlab, combined with the functions of the ITA -
Toolbox (an opensource toolbox from RWTH-Aachen, Germany).  

The set-up and the samples of each material have been produced in accordance with the 
recommendations of the ISO 354 standard: 

- Microphones should be positioned at a minimum distance of 1.5m from each other, 1m from 
the room surfaces and 2m from the sources (0.3m; 0.2m and 0.4m in 1:5 scale).  

- The two sources must be at least 3m apart (0.6m in 1:5 scale) between them. A spatial averaging 
is performed considering all the 12 source and microphones combination. 

- The interval frequencies of interest is reported as third-octave-bands in the range 100-5000Hz. 
- Controlled conditions of temperature (> 15 ° C) and humidity (between 30-90%). A sensor has 

been installed within the room. 
- The sample must be rectangular with a ratio between width and length of 0.7-1. 
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- The sides of the sample must be distant from the walls of the room by at least 1m (0.2m in 1:5 
scale). 

 

2.3 Reverberation Room (full-scale) and Kundt’s Tube Measurements 
All the materials have been tested in the full-scale reverberation room at INRiM in accordance 

with ISO 354 considering samples of 12m2. In this way the random-incidence absorption coefficient 
has been obtained for each material in the frequency range 100-5000Hz.  

Further measurements have been performed in the Kundt’s tube in accordance with ISO 10534-2 
in order to measure the normal-incidence absorption coefficient. These values have been corrected for 
diffuse incidence based on the approach proposed in Spagnolo and Benedetto (24), which is shown in 
all graphs as “Kundt’s tube S-B”. Two different tubes with 30mm and 50mm diameters have been 
used in order to assure a higher accuracy at different frequency ranges. The 30mm tube allows to 
measure with a high accuracy in the frequency range of 1075-5733Hz and the 50mm in the frequency 
range of 661-3440Hz. 

 

  
Figure 3 – a) Full-scale reverberation room set-up of one of the samples, b) measurements set-up in the 

Kundt’s tube with a diameter of 30mm (upper image) and 50mm (bottom image), and c) two circular samples 
of the same material with a diameter of 30 and 50mm. 

3. RESULTS 
For the analysis of the results, the SPSS Statistics software has been used to perform the ANOVA 

(ANalysis Of VAriance). Specifically, the evaluated factors, i.e. the independent variables, are sample 
size, sample orientation, and edge condition. The data have been first analyzed with a normality test 
(Kolmogorov-Smirnov test), which showed a skewness and kurtosis within the range of -2 to +2 (25). 
The uncertainty of the measurements has been assessed according to GUM (ISO / IEC Guide 98-3: 
2008). The absorption coefficients obtained, together with the standard deviations of the results, are 
shown in Figures 4-6. These graphs show also the data from the full-scale reverberation room and 
Kundt’s tube measurements for an easier comparison. Moreover, the graphs include also the Kundt’s 
tube measurements corrected for the diffuse incidence condition (Kundt’s tube S-B). 

3.1 Effect of the Sample Dimensions 
The effect of the sample size has been analyzed for all the materials considering the recommended 

orientation and edges condition, i.e. oblique orientation (Orientation 2) and sealed edges (BI). The 
ANOVA showed that the variable related to the sample dimension (Fig. 4), is statistically significant 
for all the samples except for sample C (panel with a thickness of 15 mm). Specifically the results 
show: for Sample A → F (2, 162) = 30.351; p = 0.000; Sample B → F (2, 162) = 25.351; p = 0.000; 
Sample C → F (2, 108) = 1.354; p = 0.263; and Sample D → F (4, 180) = 62.153; p = 0.000. 

This exception for the sample C is probably due to its reduced thickness , which entails less edge 
diffraction. Conversely, the edge effect becomes critical for panels with higher  thickness (i.e. A, B, 
D) when the panel reaches the smallest dimensions 0.6x0.4m. In these cases are evident irregular 
peaks at mid and high frequencies for panels A and B, and also at low and mid frequencies for panel 
D. It can be noticed that the sound absorption increases at 160-400Hz and above 800Hz with 
decreasing samples size. The same result has been highlighted also in full -scale rooms by Jain et al. 
(26). This can also be observed for the three different orientations as shown in Figure 5.  

The correct scaling of the sample dimensions with respect to the room volume has been 
investigated in Veen et al. (9). This study shows that a sample of 1.12m2 could be considered in order 
to have reliable results in a small reverberation room with a volume of about 6.4m3. The ratio between 
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the room volume and the sample area is comparable to that obtained with the room volume of 2.86m 3 
and the sample dimensions 0.6x0.8m (0.48m2) used in the present study (i.e. ≈6). 

 

 
Figure 4 – The absorption coefficients obtained, together with the standard deviations of the results for 

each material and sample dimension. Orientation 2 and sealed edges (BI) have been considered for samples 
A, B, D, and unsealed edges (BNI) for sample C.  

 
 

 
Figure 5 –The absorption coefficients obtained, together with the standard deviations of the results for 

each material and sample orientation. Sealed edges (BI) have been considered for samples A, B, D, and 
unsealed edges (BNI) for sample C for the different dimensions.  

3.2 Effect of the Sample Orientation 
The effect of the sample orientation has been analyzed for all the materials and all the sample sizes. 

The ANOVA shows that the differences due to the different orientations of the sample are not 
statistically significant for all the materials considered. Specifically, for sample A → F (2.162) = 1.086 
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and p = 0.340; sample B → F (2, 162) = 0.738 and p = 0.480; Sample C → F (2, 108) = 0.137; p = 
0.872; and Sample D → F (2, 216) = 0.368; p = 0.692. It is therefore possible to choose to keep the 
panel obliquely oriented (Orientation 2), as suggested in the standard for full -scale measurements, or 
to calculate the absorption coefficients for the three orientations and perform an average of the thre e 
data. In this way, it is possible to take into account the small variations of the sound field due to the 
sample orientation. 

Previous research (27) has shown that different orientations may cause discrepancies at lower 
frequencies (below 400Hz) and that the smoothest curve is obtained for the oblique orientation, which 
is the most asymmetric one. This study also highlighted that the other two orientations cause strong 
peaks in the absorption coefficient, which were unrealistic for the tested porous mater ials. The authors 
argued that the reason for this might be the parallel orientation of two edges of the material versus 
two of the side walls of the reverberation room.  

However, this is not observed in the study presented in this paper. Some differences between the 
three orientations are observed at specific frequencies for the smallest sample dimensions, i.e. 
0.6x0.4m. It can be observed that discrepancies at lower frequencies become lower when the material 
has lower thickness, i.e. these differences are more evident in the case of panel D, which has a 
thickness of 75mm. This finding is coherent with the results of Cops et al. (27), which showed the 
same discrepancies between different orientations for samples with thickness higher than 100mm in 
full-scale. 

 

3.3 Effect of the Sample Edges 
The effect of the samples edges has been analyzed for sample A and B only (all corresponding 

sample sizes). The results are shown in Figure 6. This factor did not result statistically significant for 
sample A with F (1, 216) = 2.621 and p = 0.107. Conversely, it resulted statistically significant for 
sample B with F (1, 216) = 127.806 and p = 0.000.  

It should be noted that the absorption due to the edges of the sample is of little significance only 
for sample A, which is 40 mm. This might be considered as a threshold that allows to avoid further 
efforts when performing measurements below this thickness. This finding is coherent with what is 
reported in (10), i.e. values of the absorption coefficient obtained with the sealed and unsealed edges 
may differ by more than 10% for noninotropic materials of thickness >50mm. Therefore, the 
measurements with sample C (15mm) have been performed without any edge sealing, and conversely, 
for sample D (75mm) only with sealed edges.  

As it is shown from Figure 6, the main discrepancies between sealed (BI) and unsealed (BNI) edges 
occur at frequencies below 630Hz (maximized around 250 Hz) for the smallest sample dimensions, 
i.e. 0.6x0.4m. 

 

 
Figure 6 – The absorption coefficients obtained, together with the standard deviations of the results for each 
material and edge condition, i.e. sealed (BI) and unsealed (BNI). Orientation 2 has been considered for all 

samples and dimensions.  
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3.4 Comparisons with full-scale reverberation room and Kundt’s tube measurements 
The comparisons of the absorption coefficient with the full-scale reverberation room and Kundt’s 

tube measurements show that these differences are minimized when the sample size is 0.6x0.8m with 
an oblique orientation (O2) and with sealed edges (BI). Moreover, the differences are reduced when 
the sample thickness is below 40mm (i.e. Sample A and C). The differences are higher for frequencies 
above 800 Hz for samples A, B and D and above 2000Hz for sample C. One of the causes is that the 
absorption coefficient tends to a value close to 1 at these frequency ranges and influences the 
diffusivity of the sound field generated within the scaled room. This has been observed also in Veen 
et al. (9), that showed higher discrepancies around 1000Hz for samples with thickness of 25mm. 
Conversely, the phenomenon did not appear for smaller thickness of about 6mm. Moreover, this effect, 
i.e. the effect of the room volume differences, has been highlighted in Jain et al. (26). In this study 
both full-scale and small-scale reverberation rooms showed a good match in sound absorption 
coefficient at mid frequencies from 400 Hz - 1000 Hz. However, the small room overestimates sound 
absorption values above 1000 Hz. This is attributed to the use of Sabine’s formulas instead of Eyring’s 
as highlighted by Vercammen (3). 

Moreover, it can be highlighted that the differences obtained here between the scaled and full-scale 
room or Kundt’s tube measurements (sample A and C) are comparable with based the reproducibility 
of the absorption coefficient measurements in 13 laboratories . This value is around 0.2 based on 
Vercammen (3). 

 

4. CONCLUSIONS 
This paper aimed to explore the acoustic conditions and reliability of the random-incidence 

absorption coefficient measured within a scaled reverberation room based on its main advantage is 
that of being able to analyze samples of very reduced dimensions. The main difficulties that appear 
when dealing with small reverberation rooms are the lack of a sufficient degree of diffusivity of the 
acoustic field, especially in the low frequencies due to the small size of the room and diffraction due 
to the finite size of the tested material (edge effects) . Moreover, the absorption coefficient is 
overestimated at high frequencies even for thinner panels, which might be due to the use of Sabine’s 
formula. Future comparisons will also test the results using Eyring’s formulas. 

However, the small reverberation room demonstrated to be a reliable tool for mid and high 
frequency acoustic measurements for panels with limited thickness, which showed differences 
comparable to the reproducibility in full scale. However, it should be highlighted that due to limited 
diffusivity of the sound field, the range of useful frequencies is to be considered above 400Hz for 
materials that do not present an extremely high absorption (≈1). For very absorptive materials 
overestimated values can occur also at high frequencies.  

The measurements carried out over four different materials show that the use of a scaled room 
might be an alternative to the measurements in full-scale or to the measurements in the Kundt’s tube. 

Overall the results showed that in order to have reliable data: 
- the sample size should be of about 0,6x0,8m; 
- the sample thickness should be not higher than 50mm; 
- an oblique orientation of the sample is preferred; 
- the edges of the sample should be sealed with reflective material.  

It should be noted that the main aim of the reduced-size room is that of being a very useful tool for 
acoustic consultants, engineers and architects to carry out comparison tests between acoustic materials 
and 3D systems or structures of limited dimensions. This results of great importance at the early 
phases of a design project, when a great number of alternatives are compared. 
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ABSTRACT 
Maa’s theory, which models the specific acoustic impedance of a narrow air-filled hole in front of an air 
cavity using a lumped parameter model, works well for short holes at low frequencies. However, as the length 
of the hole or the frequency increases, the acoustic velocity of the air in the hole varies along the length of the 
hole as well as radially. It is necessary to use the transfer matrix method (TMM) rather than Maa’s lumped 
parameter model to calculate the impedance of the hole and the cavity behind it. The peak sound absorption 
of a micro-perforated panel (MPP) in front of an air cavity can be moved to lower frequencies by extending 
the length the holes in the MPP with rigid or flexible tube bundles in the air cavity behind the MPP without 
increasing the total depth of the sound absorbing system. Previously Maa’s lumped parameter model had 
been used to predict the sound absorption coefficients of these tube bundle sound absorbers. These 
predictions are only correct up to a certain frequency which depends on the length of the tube extended holes. 
This paper predicts the sound absorption to higher frequencies using the TMM. 
 
Keywords: Sound, Absorption, Micro-perforated panel 

1. INTRODUCTION 
In order to obtain better sound absorption at low frequencies, in 2001 Lyu et al. (1) introduced the 

approach of extending the length of holes in a perforated panel in front of an air cavity by attaching 
tubes in the air cavity with the same or similar diameter to the back of the holes. In (1) and in several 
later papers, Lyu et al. presented experimental results of this approach and gave some theoretical 
formulae. However, they never actually published the results of any theoretical calculations. In 2011, 
Zhang (2) compared the theory with experimental results. Zhang followed the approach of Maa (3) and 
ignored wave motion along the length of the tubes. Zhang also ignored wave motion in the air cavity in 
the direction of cavity depth, although Maa had included it. This was presumably because the ends of 
the tubes opening into the air cavity were not usually at one edge of the air cavity. The ignoring of 
wave motion in the tubes and the air cavity meant, as Zhang commented, that her calculations would 
only be accurate when the wavelength of sound was greater than 10 times the length of the tubes and 
greater than 10 times the depth of the cavity. In 2016, Larner and Davy (4) pointed out that it was 
sometimes necessary to consider wave motion in the holes of the panel and/or the tubes at high 
frequencies even if the length of the hole was only 10 mm. When Davy was visiting the Institute of 
Acoustics of the Chinese Academy of Sciences (CAS) in 2018 under the CAS -CSIRO exchange 
scheme, he suggested that they repeat Zhang’s calculations while taking account of wave motion in 
both the tubes and the air cavity. The comparisons of these new calculations with Zhang ’s 
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experimental results are reported in this paper. Lyu drew Davy’s attention to the fact that Simon (5) 
had also made calculations taking account of wave motion in similar sound absorbing systems. 
Simon’s theoretical modelling assumed that his tube ends opened into the air cavity at one end of air 
cavity, although this was not actually the case with his experimental measurements.  In this paper, the 
position of the ends of the tubes where they open into the air cavity is considered.  Simon also used 
formulae for the propagation of sound between two closely spaced plates rather than formulae for the 
propagation of sound in narrow tubes as used in this paper.  

2. THEORY 
In this paper, the time dependence of a pure tone wave is assumed to be proportional to exp( )j t . 

This choice effects the sign of the imaginary part of the impedances. The normalized specific acoustic 
impedance z2 encountered by a plane sound wave incident normally on a planar layer of an acoustic 
medium on plane 2 of the two planes which bound the planar layer of the acoustic medium lying 
between the planes numbered 2 and 1 is (6) 

 2 1 1sin( ) cos( ) sin( ) cos( )c c cz z z kL jz kL z kL jz kL . (1) 
The acoustic medium has a normalized characteristic specific acoustic impedance of zc and wave 
number of k. The distance between the two planes is L. The normalized specific acoustic impedance 
encountered by a plane wave incident normally on plane 1 from the acoustic medium is z1. The specific 
acoustic impedances are normalized by dividing them by the characteristic specific acoustic 
impedance of the free acoustic medium ρ0c0, where ρ0 is the ambient density of the free acoustic 
medium and c0 is the speed of sound in the free acoustic medium. 

If z1 tends to infinity, dividing the numerator and denominator of Eq. (1) by z1, shows that Eq, (1) 
tends to 

 2 cot( )cz jz kL . (2) 
Eq. (2) will be used for a planar layer of an acoustic medium which is rigidly terminated at plane 1. It 
shows that a rigidly terminated planar layer of acoustic medium behaves like an acoustic spring at low 
frequencies. If z1 = 0, Eq. (1) becomes 

 2 tan( )cz jz kL . (3) 
Eq. (3) shows that a planar layer of an acoustic medium behaves like an acoustic mass at low 
frequencies if it is freely terminated at plane 1 by a large space or half space containing a similar 
acoustic medium. The open end of a hole or tube is a good approximation to free termination, although 
it is necessary to add a normalized specific acoustic impedance end correction to take account of the 
fact that the normalized specific acoustic impedance which the end of the hole or tube experiences is 
not completely zero. 

For air in narrow circular holes or tubes, the normalized characteristic specific acoustic impedance 
zc and the wave number k differ from those of the free acoustic medium because of viscous and thermal 
effects at the walls of the hole or tube (6). Define (6) 

 0s r , (4) 

where r is the radius of the circular hole or tube and ω is the angular frequency. η is the dynamic shear 
viscosity of the acoustic medium (equal to 1.813  10-5 Pa.s for air at 20 °C). The effective density ρ of 
the acoustic medium in a narrow circular hole or tube due to viscous effects is (6) 

 0 1 01 2J Js j s j s j , (5) 

where J0 and J1 are Bessel functions of the first kind of order 0 and 1 respectively.  The effective bulk 
modulus K of an acoustic medium in a narrow circular hole or tube due to thermal effects is (6)  

 0 1 01 ( 1)2J JK p Bs j Bs j Bs j ,  (6) 

where γ is the adiabatic constant of the acoustic medium, p0 is the ambient pressure of the acoustic 
medium and B2 is the Prandtl number of the acoustic medium (equal to 0.71 for air at 20 °C).  

The effective normalized characteristic specific acoustic impedance zc of the acoustic medium in 
the hole or tube is 

 c o oz K c . (7) 
The effective speed of sound c of the acoustic medium in the hole or tube is 
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 c K . (8) 
The effective wave number k of the acoustic medium in the hole or tube is 

 k c . (9) 
It is interesting to note that Maa’s (3) lumped parameter theory for the acoustic medium in a hole or 

tube does not take account of the thermal effects on the effective bulk modulus predicted by equation 
(6). The reason for this can be seen by making the low frequency approximation of tan( )kL kL  in 
Eq. (3) and using Eqs. (9), (8) and (7) to obtain 2o oc z j L . The effective bulk modulus K has 
disappeared and this equation is exactly Eq. (5) of Maa (3). In other words, because Maa assumed that 
the air in the hole or tube was incompressible, he did not need to consider the effective bulk modulus.  

The perforation factor i is the fraction of the area occupied by an acoustic medium in ith planar 
layer in any plane parallel to and in between the parallel planes 2 and 1 bounding the ith planar layer. 
In this paper the perforation factor will be constant across each planar layer but may be different for the 
acoustic media in different layers. The numbering i of the acoustic layers increases in the opposite 
direction to which the incident planar sound wave is travelling. Continuity of acoustic pressure and 
acoustic volume velocity at the planar interface between two planar layers means that the normalized 
specific acoustic impedances zi on each side of the planar interface satisfy 

 1 1i i i iz z . (10) 
This means that the normalized specific acoustic impedance in an acoustic medium on ith side of the 
planar interface (this will usually be z2 in Eq. (1) for the ith planar layer of acoustic medium) is divided 
by the perforation factor to convert it to the normalized specific acoustic impedance in an acoustic 
medium on the (i+1)th side of the planar interface which has a perforation factor of 1. If there are two 
or more acoustic media on the ith side of the planar interface, after this conversion is carried out, their 
normalized specific acoustic impedances are combined in the usual way by inverting them, summing 
the inversions and inverting again. This calculated normalized specific acoustic impedance is then 
multiplied by the perforation factor of the actual acoustic medium to obtain the normalized specific 
acoustic impedance that plane waves in the actual acoustic medium encounter on the planar interface 
(z1 in Eq. (1)) for the (i+1)th planar layer of acoustic medium. 

This approach will not work if there is more than one acoustic medium on the (i+1)th side of the 
planar interface because acoustic media alter the normalized specific acoustic impedance that the other 
acoustic media experiences (z1 in Eq. (1) for the (i+1)th planar layer of acoustic medium). In the 
calculations described in this paper, this case has been approximated by assuming that z1 in Eq. (1) in 
equation is zero. This reduces Eq. (1) to Eq. (3). Similar to above, these parallel lumped parameter 
normalized specific acoustic impedances are converted to impedances for a perforation ratio of 1 and 
combined by inverting them, summing the inversions and inverting again. The result is then added the 
normalized specific acoustic impedance on ith side of the planar interface after this impedance is 
converted to the value for a perforation factor of 1 as described above.  

Although this approximation has worked well, it is possible to avoid the approximation. The 
simplest method appears to be that of Simon (5). The transfer matrix equation relating the sound 
pressures and acoustic particle velocities at each side of the planar layer, from which Eq. (1) is derived, 
is converted to an admittance matrix equation for each acoustic medium in the planar layer after taking 
account of the perforation factor. These admittance matrices are summed and inverted to obtain the 
transfer matrix for the planar layer which can be used to obtain an equation which is the equivalent of 
Eq. (1) for the planar layer. A more general approach is to derive transfer matrices and coupling 
matrices and combine them into a single matrix equation using the transfer matrix method as described 
in chapter 11 of Allard and Atalla (6). 

Consider the case of holes in a perforated panel whose length is extended by sets of tubes of 
different length into the air cavity behind the perforated panel. If any of the tube lengths a re shorter 
than the depth of the cavity, the tube ends of different length sets of tubes opening into the air cavity 
will be in different planes. This is no problem if the cavity is partitioned so that only one set of tu bes 
opens into any one sub cavity and the simple calculation method described in this paper can be used. 
The calculations show that, if the tubes are different enough in length, two low frequency sound 
absorption coefficient peaks are obtained. This has been confirmed by experiment (7). If the air cavity 
is not partitioned, experiment and theory show that only one low frequency sound absorption 
coefficient peak is obtained (2, 7). Simon (5, 7) was able to make the calculations in this case because, 
as stated in the introduction of this paper, he assumed that the all tubes opened into the air cavity at one 
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end of the air cavity which is actually not the situation. Zhang (2) was able to make the calculations 
because, as stated in the introduction of this paper, she assumed the low frequency approximation for 
the specific acoustic impedance of the air cavity which does not depend on location in the air cavity. In 
this paper, the specific acoustic impedances at the different planes in the air cavity, where tube ends 
open into the air cavity were calculated and averaged taking into account the relative perforation ratios 
of the sets of different length tubes. As discussed above, in this paper, the impedances of the air in the 
different length tubes were calculated as lumped parameters assuming the tubes encountered zero 
impedance at their ends and were combined as parallel elements. However low frequencies were not 
assumed. The full transfer matrix method could probably be used to avoid any approximations  in this 
case, but the approximate methods agree reasonably well with experiment at low frequencies.  

End corrections need to be applied to the ends of tubes which open into the air cavity and the 
external air space. However, because of the length of the tubes considered in this paper are large 
compared to their internal radii, these end corrections have little effect.  The imaginary part of the end 
correction normalized specific acoustic impedance at one end of a hole or tube of internal diameter d, 
whose inside diameter is small compared to the wave length of sound, is 

 Im 2ez hd , (11) 
where h equals 0.613 for an unflanged tube, 0.821 for a flanged tube, 8/3π = 0.849 for a baffled piston 
and π/4 = 0.785 for a circular hole in a baffle. In this paper, the value of h for an unflanged tube has 
been used for the end of a tube opening into the air cavity and the value of h for a flanged tube has been 
used for the end of a tube opening into the external air space. Maa’s (3) low frequency lumped 
parameter theory used the value of h for a baffled piston. When making calculations with Maa’s theory, 
this paper changes Maa’s value of h to the values of h used in this paper. The real part of the end 
correction is 

 0 0 0Re ez c . (12) 
This formula for the real part is only correct for the end of a hole or tube in an infinite baffle. Thus it 
will not be correct for the tube ends in the air cavity. However, it  has been used in that case in the 
absence of a better formula because as stated above its effect is minimal because of the length of the 
tubes. Improved formulae for end corrections of holes and tubes which end in a baffle are discussed by 
Li (8), but are not used in this paper because of their limited effect due to the length of the tubes and the 
fact that the tube ends do not always end in a baffle.  

When the length of the tubes in the cavity are greater than or equal to the air cavity depth, this paper 
assumes that the tubes are coiled, if need be, so that their ends are at one end of the cavity (but the 
value of h for an unflanged tube is still used). In this case the air cavity is treated as one cavity  when 
calculating its impedance. When the length of the tubes in the cavity are less than the air cavity depth, 
this paper assumes that the tubes are straight and perpendicular to the planar layer. It divides the air 
cavity into two sub cavities at the plane containing the tube ends which open into the air cavity and 
calculates the impedance of each sub cavity at the plane containing the tube ends before combining 
their impedances in parallel after correcting for the perforation ratios as described above. The 
perforation ratio of the sub cavity not containing the tubes is 1. The perforation ratio of the other sub 
cavity in the no sub cavity case is reduced by the external volume of the tubes in it.  

3. EMPIRICAL CORRECTIONS 
Taking account of wave motion in the tubes and in the air cavity did predict a number of the high 

frequency peaks in the experimentally measured sound absorption coefficient and in the real and 
imaginary parts of the normalized specific acoustic impedance. It was also hoped that taking account 
of wave motion would increase the predicted sound absorption coefficient above the low frequency 
peak where the predicted values are much lower than the experimental values. Examination of the 
predicted and experimental imaginary part of the normalized specific acoustic impedance showed that 
the sound absorption coefficient was underestimated mainly because the magnitude of predicted 
imaginary part of the normalized specific acoustic impedance was overestimated except when the 
impedance was changing sign. It was decided to impose an empirical correction by limiting the 
maximum value of the magnitude of the predicted imaginary part of the impedance  above the 
frequency 

 0 ( ) (2 )lf c DL , (13) 
fl is an estimate of the frequency of the low frequency sound absorption coefficient peak where the 
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imaginary part of the normalized specific acoustic impedance changes from negative to positive.  is 
the perforation ratio of the tubes, D is the depth of the air cavity and L is the length of the tubes. The 
value of the real part of the normalized specific acoustic impedance was also limited to make the 
calculations agree better with theory. This was done as follows. 

 
1/

msgn
nn n

corry y y y . (14) 

sgn(y) is the sign function which returns 1, 0 or -1 if its argument y is positive, zero or negative 
respectively and n is an integer. ycorr is the corrected calculated value, y is the original calculated value 
and ym is the empirical magnitude limit of the real or imaginary part of the normalized specific acoustic 
impedance. Because the value of n was chosen to be the even integer 2, the modulus signs are not 
actually needed for the imaginary part of the normalized specific acoustic impedance. Because the real 
part of the predicted normalized specific acoustic impedance cannot be negative, the sgn function and 
the modulus signs are not actually needed for the real part of the impedance. In this paper, ym has been 
set to 15 for the imaginary part of the normalized specific acoustic impedance and to 45 for the real 
part of the normalized specific acoustic impedance. This correction only needs to be applied to the 
imaginary part of the normalized specific acoustic impedance when Maa’s lumped parameter model is 
used for the tubes. 

The second empirical correction made in this paper applies to the wave number in the air cavity. 
The real part of this wave number has, as is usual, been set equal to the wave number of sound in free 
air. To control the magnitude of resonances in the air cavity, the imaginary part of the wave number in 
the air cavity has been changed from 0 to -0.2. To make the predicted frequency at which the low 
frequency sound absorption coefficient peak occurs agree better with experiment, the internal 
diameters of the two tubes were increased by 0.1 mm. 

4. EXPERIMENTS 

 

Figure 1. The sound absorbing system studied in this paper. This is Fig. 2.1(a) of Zhang (2). 

The sound absorbing system studied in this paper is shown in Fig. 1. The system consists of a 
perforated plate of thickness t1 = 2 mm with the holes arranged in a square array with the sides of the 
squares having a length of b1 = 4.8 mm. Copper ferules with an internal diameter of d1 = 1.1 mm and 
a total length of l1 = 9.3 mm fill the holes in the perforated plate and their narrow flanges stand l2 = 0.2 
mm above the perforated plate. Rubber tubes with an internal diameter of din = 1. 2 mm, an external 
diameter of dex = 2.6 mm and a length of L1 are inserted over the length of the copper ferules in the air 
cavity. The air cavity has a depth of D = 43 or 120 mm. L1 varied in 10 mm steps from 10 mm to 80 for 
the 43 mm deep air cavity or to 160 mm for the 120 mm deep air cavity. Measurements were also made 
when b1 = 7 mm for L1 equals 20, 40 or 80 mm when D =43 or 120 mm. Each tube system consists of 
two tubes in series. The first, in the direction of exiting the air cavity, is a tube with an internal 
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diameter of din = 1. 2 mm and a length of 2 1 1 2 1L L t l l . The second is a tube of internal 
diameter of d1 = 1.1 mm and a length of l1 = 9.3 mm. Zhang (2) also made measurements with half of 
the rubber tubes having a length of 10, 20 or 40 mm while the other half of the rubber tubes had a 
length 80 mm for a cavity depth of D = 43 or 120 mm. 

Zhang (2) made the measurements using a two microphone impedance tube with an internal square 
cross section of 40  x 40 mm and a length of 1.2 m between the face of the specimen and loudspeaker. 
To avoid cross modes, the maximum frequency must be less than 4295 Hz. The maximum 
measurement frequency of 3200 Hz is well below this limit.  The distance of the closest microphone to 
the face of the sample was 268 mm. The low and high frequency measurements were made with the 
two microphones spaced 150 mm and 50 mm apart respectively.  ISO 10534-2 (9) requires that the 
maximum frequency be 10 % less than the frequency at which the microphone spacing is equal to half 
the wave length of sound. Thus the low and high frequency measurement maximum frequencies are 
1031 and 3093 respectively. However in this paper, the experimental results have been graphed up to 
3200 Hz. This was done because it was observed that apart from when one of the microphone spacings 
was close to a multiple of half the wave length of the sound, the high and low frequency measurements 
agreed reasonably well. It should be noted that when the microphone spacing is close to a multiple of 
half the wave length of the sound which occurs at 1145, 2290 and 3436 Hz, the measurement 
uncertainty becomes very large. 

ISO 10534-2 (9) says that “The lower frequency limit is dependent on the spacing between the 
microphones and the accuracy of the analysis system but, as a general guide, the microphone spacing 
should exceed 5 % of the wavelength corresponding to the lower frequency of interest.” Thus the 
recommended minimum measurement frequencies for the low and high frequency measurements are 
115 and 345 Hz respectively. However, because some of the frequencies at which sound absorption 
coefficient peaks occur are below these frequencies, measurements down to 50 Hz have been graphed. 
It should be noted that the measurement uncertainty increases below the recommended minimum 
measurement frequencies. 

 

Figure 2. The normal incident sound absorption 
coefficient of a system with 160 mm long rubber 
tubes in a 120 mm deep air cavity. 

Figure 3. The real part of the normalized specific 
acoustic impedance of a system with 160 mm long 
rubber tubes in a 120 mm deep air cavity.  

 
When the spacing between the centres of the closest perforations was b1 = 4.8 mm, there were 64 

perforations in the 40 by 40 mm front perforated panel in an 8 by 8 square array. Had the holes been 
spaced equally across the whole of the 40 mm in each direction, b1 would have been 5 mm. Thus the 
question arose whether it was better to calculate the average perforation ratio across the whole of the 
front perforated panel by assuming that b1 = 5 mm or use the perforation ratio of the holes near the 
centre of the front perforated panel by using b1 = 4.8 mm. Comparison of the predicted frequency at 
which the low frequency sound absorption coefficient peak occurs with the experimental value showed 
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that b1 = 4.8 mm was a better choice. 

5. COMPARISON OF THEORY WITH EXPERIMENT 
For each sound absorbing system, Zhang (2) made two low frequency measurements, L1 and L2, 

and two high frequency measurements, H1 and H2. Zhang averaged the two low frequency 
measurements together and averaged the two high frequency measurements together. She joined the 
measurements in the two different frequency ranges together by averaging these two averages in an 
overlapping frequency range in which they were both valid. However in this paper, all four 
measurement results are displayed to give an indication of the measurement uncertainty. Note that the 
departure of the low frequency measurements from the high frequency measurements for frequencies 
near 1145 and 2290 Hz is due to the low frequency measurement microphone spacing being close to a 
multiple of half the wavelength of sound. 

 

Figure 4. The imaginary part of the normalized 
specific acoustic impedance of a system with 160 
mm long rubber tubes in a 120 mm deep air cavity. 

Figure 5. The normal incident sound absorption 
coefficient of a system with 80 mm long rubber 
tubes in a 43 mm deep air cavity. 

Figure 6. The real part of the normalized specific 
acoustic impedance of a system with 80 mm long 
rubber tubes in a 43 mm deep air cavity.  

Figure 7. The imaginary part of the normalized 
specific acoustic impedance of a system with 80 
mm long rubber tubes in a 43 mm deep air cavity. 
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Figs. 2 to 7 compare the four measurement results with the theory described in this paper and with 
the theory when Maa’s lumped parameter model is used for the two tubes for a cavity depth of 120 mm 
with 160 mm long rubber tubes and for a cavity depth of 43 mm with 80 mm long rubber tubes. The 
sound absorption coefficient and the real and imaginary parts of the normalized specific acoustic 
impedance are shown. Both the theory described in this paper and Maa’s theory are able to predict the 
low frequency sound absorption coefficient peak, but only the theory described in this paper is able to 
predict the higher frequency peaks. The theory described in this paper is able to predict the frequency 
of the sound absorption coefficient peaks but does not always predict the amplitude of these peaks as 
accurately as would be desired. The empirical corrections adopted in this paper have increased the 
predicted sound absorption coefficients between the peaks so that these predicted values are closer to 
the experimentally measured values. The empirical corrections have also brought the predicted real 
and imaginary parts of the normalized specific acoustic impedance closer to the experimental values. 

6. CONCLUSIONS 
Modelling the wave motion in the air in the bore of long tubes , rather than modelling this air as a 

lumped parameter, enables the prediction of the frequencies of the higher frequency sound absorption 
coefficient peaks although the prediction of the amplitude of these peaks is not always as accurate as 
would be desired. However, the modelling of this wave motion was not sufficient to increase the 
predicted values of the sound absorption coefficient at frequencies between the frequencies of the 
peaks so that the predicted values were closer to the experimental values. It was necessary to impose 
limits on the values of the real and imaginary parts of the normalized specific acoustic impedance in 
order to increase these predicted values of the sound absorption coefficient. The imaginary part of the 
wave number in the air cavity was also empirically set to a non-zero value in order to remove predicted 
spikes due to cavity resonances. 
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Abstract
It is well known that the modal field can influence reverberation time measurements below the Schroeder fre-
quency, but reverberation room is an extreme environment that deserve some further considerations. Indeed the
Schroeder frequency depends on the modal distribution, which in turn depends on the peculiar mode shapes,
due to the room shape. For a typical reverberation room the boundary frequency separating the modal region
from the statistical one may extend up to three times the Schroeder frequency. Moreover, the reverberation time
in the modal region depends on the proper excitation of the sound field; this is the reason why some authors use
the ’modal reverberation time’ for each mode instead of an average over a frequency band. For these reasons,
the recent ISO 354 draft recommends exciting the sound field by placing the sound sources in the corners. The
present work shows some practical experiences concerning the use of two kinds of sound sources, changing the
loudspeakers size and the distance from the corners. The results show how a proper sound source, whose elec-
troacoustic characteristics are optimised for the ISO 354 frequency range, may improve the sound absorption
measurements techniques and may influence room criteria.
Keywords: Reverberation room, Low frequencies, Sound sources

1 INTRODUCTION
In order to qualify the reverberation room, the best possible uniform excitation of all room modes should be
given at low frequencies. Concerning this, the Annex H of the ISO 354 draft says [1]: The loudspeakers will be
positioned in the corners of the room. Possible arrangement suggested by the draft are:

• a single loudspeaker mounted in a tetrahedral enclosure, placed in the corner of the room;

• three loudspeaker mounted in an irregular enclosure, placed in the corner of the room, each face covering
a π/3 steradian.

The draft does not specify the technical characteristics of these loudspeakers, neither the acoustical load of these
systems – e.g. if the loudspeaker should be loaded in a closed box or in a bass reflex system, etc... Moreover,
the corners of a reverberation room often do not have a regular shape, so that the proposed enclosures could
not be placed in all the corners.
Furthermore, the dimension of the loudspeaker – from 4 to 6.5 inches, generally – may influence the emission
lobe at low frequencies: indeed the directivity of the single loudspeaker is omnidirectional below the 300 Hz
but this threshold may vary depending on dimension, load, etc... . In case of a multi-loudspeaker system, the
width of the loudspeaker may influence the minimum distance from the acoustic centers and this may have an
influence - constructive or destructive - at certain frequencies.

2 METHOD
In the frame of the Italian Round Robin test on ISO 354 draft [2] it has been proposed to qualify the rooms
by using both a dodecahedral sound source and other sound sources more powerful at low frequencies. In the
present work both methods were tested in the reverberation room of the University of Bologna (V=280m3):
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1. Each sound source was placed in the corner of the reverberation room, facing the corner. Two corners
were chosen, labeled respectively SS6 and SS3 in fig. 1. The reverberation room was empty – without
any specimen;

2. Impulse responses were measured in six receiver points – respectively R1–R6 in fig. 1 – by using an
exponential sine sweep (ESS) of about 20 s;

Figure 1. Sketch of the reverberation room at the University of Bologna

3. The measurements were replicated increasing the distance of the sound source from the corner, in steps
of 10 cm, for a total of three positions labeled, respectively, “30 cm”, “40 cm”, “50 cm”; the distances are
intended between the front baffle of the loudspeaker and the corner;

4. The whole procedure from point 1 to 3 is repeated, turning the sound sources towards the room instead
than toward the corner.

Two sound sources were used: a custom high-SPL dodecahedron [3] and a custom subwoofer. This last one
mounts a custom 18-inches subwoofer – model 18NLW4500 made by 18sound – mounted in a closed box of
about 80 liters. The resonance frequency of the loudspeaker in free field is about 28 Hz, instead of 100-150 Hz
of the loudspeaker which used in the commercial dodecahedral sources (see frequency response in fig. 3). The
closed box load was chosen in order to avoid any delay due to reflex ducts.

3 RESULTS
The impulse responses were measured by playing the ESS with one sound source at the time and recording in
six fixed receivers positions (see fig. 1). A custom software was used for windowing and deconvolving the ESS
[4]. IRs were then filtered in third-octave bands and analyzed using Dirac v.6, which has filters compliant with
IEC 1260 [5]. Reverberation time values were finally averaged over all the receivers for each sound source
position. The results, plotted in the range 50-630 Hz, are shown in figs. 4–7.

4 DISCUSSION AND CONCLUSIONS
The results show significative differences by varying the sound source type and its position. The decays mea-
sured with the subwoofer are generally longer the ones measured with the dodecahedral sound source. It may
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Figure 2. Sound sources deployment: dodecahedron in SS6, subwoofer in SS3 turned towards the corner,
subwoofer in SS3 turned towards the room.

depends on the following reasons:

• The subwoofer loudspeaker is loaded by the coupling with the sound field in the space starting from a
lower frequency than the one of the dodecahedral sound source, so that the radiation impedance of the
subwoofer is more “matched” with the lowest modes of the rooms.

• The multiple emissions from the loudspeakers of dodecahedral source may result in a mutual negative
interference, decreasing the excitation in the modal region. It is interesting to note that this effect is
present below and above the Schroeder frequency, see e.g. the red curves in figure 5. This may be due
to the peculiar “frequency peakness” of the modal behavior in the reverberation room.

• The corner shape does have an effect. In fact the differences are more evident when the sound sources
are placed in the right-angle corner (position SS6) and less pronounced when the sound sources are in
the irregular corner (position SS3), see for example figs. 6 and 7.

• The low sound energy emitted by the dodecahedral source may add some uncertainty at very low fre-
quencies. In fact the low signal to noise ratio of the IRs and the high level of background noise may
lead to overestimating the reverberation time: see the blue curve in figs. 4 and 5.

On the basis of these empirical results, the placement and arrangement of the sound sources should be carefully
evaluated and discussed in order to increase the measurements accuracy. Further developments of this work
could include the matching of the experimental data with numerical simulation of single and multiple sources
[6].
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Figure 3. Frequency response in free air of the subwoofer 18sound model 18NLW4500 used in the test.

63 125 250 500
3

4

5

6

7

8

9

10

Third-Octave bands (Hz)

T 3
0

(s
)

Sub_30cm
Sub_40cm
Sub_50cm
Dod_30cm
Dod_40cm
Dod_50cm

Figure 4. Sound source in the right-angle corner SS6 (see fig. 1), loudspeaker turned toward the corner

[2] Scrosati, C. et al.; Design Principles of the Italian Round Robin Test on Reverberation Rooms, Proc. 23rd
International Congress on Acoustics, 9–13 September 2019, Aachen, Germany.

[3] D’Orazio, D.; De Cesaris, S.; Guidorzi, P.; Barbaresi, L.; Garai, M.; Magalotti, R. Room acoustic measure-
ments using a high SPL. In Proceedings of the 140th AES Convention, Paris, France, 4–7 June 2016.

[4] Guidorzi, P. Barbaresi, L., D’Orazio, D., Garai, M., Impulse responses measured with MLS or Swept–Sine
signals applied to architectural acoustics: an in-depth analysis of the two methods and some case studies of
measurements inside theaters, Energy Procedia, 2015, 78, 1611–1616.

[5] IEC 1260:1995, Electroacoustics – Octave-band and fractional-octave-band filters.

[6] N.B. Roozen; E.A. Piana; E. Deckers; C. Scrosati, On the numerical modelling of reverberation rooms,
including a comparison with experiments, 26th ICSV, 1–11 July 2019, Montreal.

4078



63 125 250 500
3

4

5

6

7

8

9

10

Third-Octave bands (Hz)

T 3
0

(s
)

Sub_30cm
Sub_40cm
Sub_50cm
Dod_30cm
Dod_40cm
Dod_50cm
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Building FEM low frequency room models 
through modal decay time measurements 

Roberto MAGALOTTI1; Valentina CARDINALI2 
1,2 B&C Speakers S.p.A., Italy 

ABSTRACT 
The treatment of weakly damped rectangular rooms by Morse and Ingard suggested the idea of using 
participation factors to assess the contribution of individual surfaces – or groups of surfaces – to the decay 
times of low frequency modes in rooms of generic geometry. This approach requires the numerical 
computation, through Finite Element Method (FEM) models, of specific eigenfrequencies and 
eigenfunctions in conditions of rigid walls. 
By extracting the experimental values of modal decay times from Room Impulse Response (RIR) 
measurements of different environments, including a reverberation room, new FEM low frequency models 
were built by optimizing the acoustic admittance at the room boundaries. Comparison of the outcome of the 
simulation models to the measured behavior shows that the technique has good predicting power and could 
be used for the assessment of real boundary conditions. 
 
Keywords: Room acoustics, Finite Element Method, Modal decay time, Acoustic admittance 

1. INTRODUCTION 
Finite Element Method simulations are increasingly being used in the field of Room acoustics, 

thanks to the relative ease of setup and the availability of large amounts of processing power at 
reasonable costs. Despite that, the literature on the use of FEM models in the modal frequency band of 
small rooms appears to be scarce. 

The main difference in the characterization of close environments above or below the Schroeder 
frequency is that, in the second case, one needs to switch from a single reverberation time based on 
statistical considerations to a whole set of modal decay times. This set of values, associated with the 
relevant eigenfrequencies and eigenfunctions, creates a sort of “fingerprint” of the room at low 
frequencies. 

This work, inspired by Morse and Ingard’s treatment of weakly damped rectangular rooms  (1), tries 
to bridge the gap between modal behavior measurement and FEM simulations.  

2. THEORY 

2.1 Weakly damped room 
An important issue in the modeling of a weakly damped room in the modal frequency band is 

finding relations between the boundary conditions at the walls and the decay times of the modal 
resonances. 

In the case of small wall admittance and generic room shape, the modal damping can be calculated 
starting from the corresponding system of eigenfunctions for rigid walls. The rigid wall eigenfunctions 

N, solutions to the Helmholtz equation, are frequency independent and associated to real eigenvalues. 
They consist of an orthogonal set with the following normalization 

 (1) 

 
                                                        
1 rmagalotti@bcspeakers.com 
2 vcardinali@bcspeakers.com 
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where V is the room volume and the quantity 

 (2) 

is proportional to the energy stored in the single modal component. When a small wall admittance 
is turned on, following (1, pg. 562) we can apply a variational procedure to estimate the new 
eigenvalues from the full rigid wall eigensystem, thus obtaining a modal damping proportional to the 
imaginary part of the corresponding new complex eigenfrequency (or modal wave vector KN). To a 
first order approximation, the result is 

 (3) 

where { N, N} are the rigid wall eigenfrequencies and eigenfunctions, while the j indexes the room 
walls, each with an associated average specific admittance and surface area { j,Sj}. For the sake of 
simplicity, we suppose the j to be real and frequency independent, a condition seldom encountered in 
practice. Let us write this result in a different fashion 

 (4) 

where 

 (5) 

and the notation indicates surface average. Each participation factor Nj is proportional to the 
fraction of energy lost (per unit time and per unit area) by the mode N through the surface Sj . 

2.2 Rectangular room 
It is well known (1,2) that in the case of a rectangular room the set of eigenfunctions is  

 (6) 

 (7) 

0,1,2,… (8) 

where Nj = 1 if Nj = 0 and Nj = 2 if Nj > 0. 
It can be easily verified that 

 (9) 

where Sx is the surface of a wall perpendicular to the x direction, with similar formulas for the y and 
z directions. 

It is now straightforward to see that the participation factors Nj introduced in equation (5) are the 
generalization, in the case of generic room shape, of the normalization factors of the rectangular room. 
Indeed, these factors are responsible for the correct evaluation of the total energy stored in each mode. 
As it is explained in (1, p. 572) referring to the rectangular room: 

The reason for the factors  is that, to first order, the mean energy contained in 
the mode (0;Ny;Nz), for example, is twice that contained in a mode (Nx > 0;Ny;Nz), 
because the mean square of 1 is 1, whereas the mean square of cos( Nxx/Lx) is 1/2. 
Since the rate of withdrawal of energy from the x walls is the same in both cases, the 
fractional rate of withdrawal when Nx = 0 is half that when Nx > 0. 
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2.3 Modal decay times 
It is customary to define a modal decay time MT60, in analogy to reverberation time, as the time 

required for the sound energy of a single mode to decay by 60 dB(3,4). Starting from equation (4), this 
leads to the expression 

 (10) 

This formula has the same structure as the classical Sabine’s equation for reverberation time, and 
expresses the modal decay times based on the geometry of the room (volume and surface areas), the 
normalized admittances and the participation factors Nj. 

In (5) it was shown that the formula can predict the modal decay times computed by the FEM model 
of a rectangular room, once the wall admittances are known. The goal of this work is testing the 
formula experimentally by building FEM simulations of real rooms and fitting the wall admittances to 
measured modal decay times. 

3. EXPERIMENTS 
The experiments described in this section were based on measurements of RIR in real environments. 

The sound sources were low frequency loudspeaker systems, and the measurement technique was the 
sinusoidal log sweep. 

For the FEM model, we adopted the strategy of dividing the internal surfaces of rooms in groups of 
uniform acoustic admittance, in order to minimize the number of free parameters.  

3.1 Rectangular rehearsal room  

 

 
Fig. 1 – Music rehearsal room. In the small images, surface groups for FEM modeling 

 
This experiment concerns a small rectangular rehearsal room for musical instruments, made of 

gypsum board walls, having an internal volume of 42 m3. The room was still in construction when the 
measurements were performed, so there was not any kind of furniture inside, and the opening for the 
door was closed with a gypsum board slab during the measurements. 

The computation of the FEM model confirmed that it is possible, in this case, to use the theoretical, 
rectangular room values of 1 and 2 for the participation factors , according to the classification of 
modes. 
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Figure 2 shows the comparison of the modal decay times from measurement and from FEM 
simulation. 

 
Fig. 2 – Measured and simulated modal decay times for the rehearsal room 

All simulated values are within 0.5 seconds of the measured ones. More importantly, the method 
appears to capture the ups and downs of the modal decay times, even when the numbers are not 
predicted exactly; see for example the three MT60 between 70 and 90 Hz or the two around 110 Hz. 

3.2 Quasi-rectangular room 
The second experiment concerns a larger room with concrete walls, of nearly rectangular shape,  

having an internal volume of 71 m3, used as a testing chamber at B&C Speakers. In this case, the 
participation factors had to be computed from the simulation of rigid walls eigenfunctions.  

 

 

 
Fig. 3 – B&C Speakers testing room and surface groups for simulation  
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The choice of surface groups was less obvious than in the purely rectangular case: the small vert ical 
wall in the far corner had to be grouped with one of the adjacent walls. Furthermore, we noticed that 
modeling the door as a separate surface with its own admittance improved the results.  

 

 
Fig. 4 – Measured and simulated decay times for B&C testing room 

 
As can be seen in Figure 4, this case shows the best fit of all between simulated and measured 

values. Despite larger absolute values, the difference from prediction to measurement is even smaller 
than in the rectangular room, with two exceptions: the decay time at 82 Hz is grossly underestimated, 
probably because of some feature not included in the model (for example, there are two small windows 
in the room); and the axial mode at 56 Hz is not included because the measurement was very noisy.  

3.3 Reverberation room 

 

 
Fig. 5 – Large reverberation room and surface groups 
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The last experiment involved a large reverberation room of more than 280 m3, having a first axial 
mode as low as 15 Hz (6). It has a definitely non-rectangular shape, with slanted walls and several 
columns and beams inside; but we wanted to test whether the method could produce reasonable results 
with only three surface groups. 

 

 
Fig. 6 – Measured and simulated decay times in the reverberation room 

 
Figure 6 shows that the variance in modal decay times is larger than in previous cases, and the 

modal density grows much faster before 60 Hz; but despite that, and the assumptions and 
simplifications involved, the model can still paint a fair picture of the relation between bound ary 
conditions, geometry, and modal decay times. 

4. CONCLUSIONS 
Careful examination of the assumptions behind low frequency modal analysis in rooms led to an 

extension to generic geometries of the participation factors defined by Morse and Ingard for the case  of 
rectangular rooms. 

This extension has been verified first by comparison with FEM models of rectangular rooms, then 
with models of generic geometries corresponding to real environments. By fitting the boundary 
conditions of numerical models, and in particular the acoustic admittance of walls, the model exhibits 
good agreement with measured values of modal decay times. This allows for more realistic models of 
small rooms in low frequency, with modal decay time profiles closely replicating the acoustic 
“fingerprint” of real rooms, and paves the way for using the method to assess the acoustic impedance 
of partitions by measuring modal decays. 
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ABSTRACT 

Measuring sound absorption in reverberant chambers, even when complying with ISO 354 standard, may 
often return results affected by significant uncertainty, while repeatability is also a well known issue when 
different laboratories are involved. When considering results from a single laboratory, obtained from a 
specific chamber, several elements contribute to the quality of the measurement, some of them are more 
evident (like the diffusers), while others are more difficult to account (like the sample position, mounting, and 
sealings). With reference to the diffusers, one effect typically attributed to insufficient diffusion is the fact 
that calculated absorption coefficients are higher than unity. The present paper investigates how these effects 
may be better understood by means of geometrical acoustic modelling, analyzing the variations in 
reverberation time (and hence in absorption coefficients), resulting from different positioning of diffusers, as 
well as locations of sample, sources and receivers in real rooms and comparing them with simulated values. 

 

Keywords: Sound absorption; reverberant chamber; ISO 354 

1. INTRODUCTION 
Sound absorption coefficients of materials and surfaces are normally measured using small samples 

mounted in a standing wave tube according to ISO 10354-2 standard (1). The method is known to be 
accurate, but it is limited to normal incidence, and it clearly fails in reproducing real world mounting 
conditions of larger samples. Under such conditions a measurement in a reverberant chamber, 
(according to ISO 354 standard (2)), is typically preferred because it also returns the diffuse field 
behavior of the material and allows measuring sound absorption of objects and materials which require 
more complex supporting structures (like ceilings, etc.). However, even this method is not immune 
from criticism. In fact, it is known to return results that are not as accurate and repeatable as desired (3). 
In fact, the method relies on the measurement of reverberation times with and without the sample to be 
tested, and on the subsequent calculation of the sound absorption based on the classical Sabine's 
formula. As it is an indirect measure, the accuracy of the method largely depends on the correctness of 
the formula used to relate absorption and reverberation time, which normally means that the room 
must be ergodic, mixing and weakly absorbing to ensure the sound field to be sufficiently diffuse(4,5). 
For the same reason sample dimension should not be too large to avoid further increasing uneven 
sound propagation. When one, or more, of the above requirements are not met, use of classical 
diffuse-field formulas may result in large discrepancies between measured and predicted reverberation 
time, consequently inducing significant inaccuracy in sound absorption determination. 

In order to prevent such measurement problems, qualification tests are usually required by 
standards. ISO standard 354:2003 (2) poses no limitations to reverberation time variances, but a 
minimum number of diffusers must be installed so that the measured absorption coefficient reaches a 
maximum and then remains stable. The recommended area of diffusers is between 15% and 25% of the 
total surface area, and the panels should have different sizes from 0.8 m2 to 3 m2. Conversely, ASTM 
C423-17 (6) requires the relative variation of decay rates with microphone position (to be moved in at 
least five positions) to be smaller than a maximum limit, when the room is empty. The relative 
variation is expressed as the ratio of the standard deviation between decay rate measurements and their 
mean value. However, both the qualification procedures fail in some way, considering that a number of 
round-robin tests (7,8) pointed out significant repeatability issues. 

                                                        
* francesco.martellotta@poliba.it 
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However, although not recognized by any standard, the effects of room geometry, its diffuseness, 
and sample placement may be investigated by means of computerized geometrical acoustic (GA) 
simulation tools. This idea was first introduced by Benedetto and Spagnolo (9) who suggested that, 
even in a standard reverberant chamber, sound absorption coefficients of materials could be more 
accurately determined by properly modelling the test room, and obtaining the absorption coefficients 
of the material by matching the measured and simulated reverberation time. This procedure, like all 
GA methods, is effective in medium-high frequency range and has been successfully tested in several 
occasions (10,11), receiving an even more refined treatment based on an iterative least-mean squares 
optimization (12). The latter approach, if properly applied first to the empty room, and then to the 
room with the added sample, is expected to provide more accurate absorption coefficients for use in 
simulation models. In the present paper, taking advantage of a series of measurements carried out in 
the reverberant chamber of the Laboratory of Building Physics of the Politecnico di Bari, several 
configurations were investigated, changing diffusers positions and adding sound absorbing patches. 
The effects of such changes on measured sound absorption coefficients were first discussed. Then, the 
same configurations were analyzed in the GA simulation tool.  

2. METHODS 

2.1 Laboratory measurements 

The reverberant room is a 200 m3 space, with a surface area of 208 m2, having six non-parallel walls 
and a splayed ceiling to aid diffusion. The floor is finished in marble, while walls and ceiling are 
plastered with a very smooth finishing coated with enamel varnish. Six curved diffusers made of 
Plexiglas having different shapes and a total two-sided area of 20 m2 are randomly suspended from the 
ceiling. The area of diffusers corresponded to 10% of the total surface area, thus slightly below the 
minimum recommended value (2) of 15%. Two loudspeaker positions and six microphone positions 
were used to obtain average reverberation time values. Sabine’s formula was used to calculate 
absorption coefficients. Air temperature and relative humidity were continuously recorded in order to 
compensate for air absorption variations throughout each test. Corrections were made according to 
ISO 9613-1 (13). A 10.8 m2 polyester fiber mat, 2 cm thick was used as test sample. 

The measurement equipment included two omni-directional sound sources (Look-Line D301 and 
B&K 4295), two random incidence microphones (GRAS 40-AR), and a 24 bit/48 kHz sound card 
(Echo Layla 24). Reverberation time was calculated from impulse responses obtained by exciting the 
room with a 19 s logarithmic sine sweep.  

The chamber configuration was changed as follows. 
a) Config. A: Reference configuration; with diffusers suspended to the ceiling, one source 

position on the corner and one at 1.5 m distance from reflecting surfaces (Figure 1a); 
b) Config. B: Damped; same as before, with three polyester fiber panels (10 cm thick, 0.6 m by 1.2 

m) located vertically at three corners so to create a varying depth air gap (bass trap mounting); 
c) Config. C: Damped with modified diffusers; same as reference with only two polyester fiber 

panels located at opposite corners (Figure 1b), one of the ceiling diffusers (1.61 m2 area) was 
mounted vertically on the floor, and one extra wooden diffuser (0.6 m by 0.5 m) was located in 
a corner. Both source positions were located on the floor close to corners.  

a) b)   

Figure 1 – Plan and cross section of the reverberant chamber under a) config. A, b) config. C 
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2.2 Geometrical acoustic model 

The geometrical acoustic model of the reverberant chamber was made using the commercial 
software CATT Acoustic, with the TUCT v. 1.0 engine (14). This tool provides different algorithms to 
compute impulse responses, mostly differing in terms of treatment of diffuse reflections. Algorithm 1 
always treats first-order reflections deterministically, meaning that each ray is split into a part that is 
reflected according to the laws of GA and one that is scattered. Conversely, higher order reflections are 
not split, but are treated randomly depending on the scattering coefficient of the surface (e.g. if the 
latter is 0.1, 9 reflection out of 10 will be reflected specularly, while the others will be reflected 
randomly). A more refined method, named Algorithm 2, uses a first degree of actual ray split-up for all 
reflection orders where all specular-specular and all specular-diffuse reflections are deterministic, 
while remaining reflection combinations are treated randomly. This algorithm is computationally more 
demanding and is recommended for room with critical conditions. In the present case, given the very 
low scattering coefficients used for large flat surfaces, no significant differences were expected 
between the two methods, so the simpler and computationally efficient Algorithm 1 was used.   

The geometrical model used for calculations was dimensionally identical to the real room (Figure 
2), with a volume of 200 m3, a floor surface of 45 m2, and an overall surface of 208 m2 excluding 
diffusers and other movable elements. Sources and receivers were located in the same positions used 
during the measurements and the sources were assumed to be omni-directional. Calculations were run 
using the recommended number of ray which was about 37000, and truncation time (i.e. the length of 
the simulated impulse response, was set to equal the longest measured reverberation time under the 
same configuration). The Schroeder frequency varied between 430 Hz under empty conditions, and 
360 Hz when the sample is in place. Thus, results in the lowest two bands are unreliable and other 
prediction tools should be used (15). The effect of air absorption was taken into account by properly 
setting temperature and relative humidity as measured during the on-site survey, so that the software 
could calculate the appropriate coefficients according to ISO 9613-1.  

Absorption and scattering coefficients of the different surfaces were assigned starting from 
literature values, and subsequently refining them in order to obtain the best match with measured 
results under the same conditions. Given the nature of the simulation, a maximum difference between 
measured and predicted values of 1% was considered as acceptable. Reverberation times (T30) 
measured under the different conditions as listed in Table 1, as well as under no-diffusers conditions, 
were used as reference. The resulting absorption coefficients are given in Table 2.  

With reference to scattering coefficients, given the smooth nature of the surfaces, the values were 
assumed to be independent of frequency and very low. The typical value which is recommended for 
flat surfaces is 0.1, but, for the above reasons, all the calculations were carried out assuming also a 
value of 0.05. No significant variations as a function of scattering coefficients appeared for the empty 
room, thus suggesting that diffuse conditions are met in the model even when the lowest scattering 
coefficients are used. For diffusers, the “automatic edge diffusion” option was activated to take into 
account the diffraction effects at the borders of the panels.  

    
Table 1. Reverberation times measured under the different configurations 

Room configuration           Octave band [Hz] 125 250 500 1000 2000 4000 
Empty room 10.79 11.05 10.30 8.35 6.35 4.02 
Empty room with diffusers 8.68 9.64 8.87 7.83 6.15 4.05 
Empty room with diffusers and dampers 5.11 4.06 2.93 2.23 1.86 1.51 

 

 
Figure 2 – Plan and 3D view of the GA model of the reverberant chamber 
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Table 2. Absorption coefficients used in the simulation  
Material                     Octave band [Hz] 125 250 500 1000 2000 4000 
Marble floor 0.013 0.013 0.015 0.02 0.02 0.020 
Plastered surfaces finished with enamel varnish 0.010 0.011 0.011 0.011 0.014 0.014 
Simple door 0.200 0.120 0.100 0.080 0.060 0.040 
Plexiglas diffusers 0.033 0.020 0.020 0.015 0.012 0.010 
Polyester fiber panel 0.600 0.840 0.940 0.950 0.920 0.960 

3. Results 

3.1 Measurements 

First of all, the results of the measurements of reverberation time (T30) in the empty chamber under 
the different conditions are presented (Figure 3a). Results show quite impressive variations, 
particularly when the damping panels are added to the room, showing nearly halved values under 
config. B and slightly longer T30 values under config. C. As expected, T30 values drop at the highest 
frequencies as a consequence of the air absorption. In fact, calculation of the total equivalent 
absorbing area (Figure 3b) in which air absorption is subtracted, shows a rather flat response as a 
function of frequency. In all the cases total equivalent absorbing area falls below the maximum limit 
prescribed by ISO 354 standard (2). Thanks to the corner mounting, the polyester fiber panels provided 
a relatively flat increase to absorbing area, allowing a smooth control of the room conditions without 
the sample installed.  

The absorption coefficients of the test panel were calculated with reference to one-third octave 
bands (Figure 4a) and octave bands (Figure 4b). Results showed that both configurations B and C 
provided similar results, while config. A yielded lower absorption values, particularly in the high 
frequency range, where an underestimation of about 10% appeared. 

 

 
Figure 3 – Plot of a) average reverberation time (T30) and b) equivalent sound absorption as a function of 

different configurations including ISO 354 limits 

 

Figure 4 – Plot of ISO 354 absorption coefficients as a function of frequency and of different configurations 

in a) one-third octave bands and b) octave bands  
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This behavior could be explained as a consequence of the position of the sample on the floor surface 
and of the fact that all lateral walls were vertical and without any scattering element, so that slowly 
decaying reflection paths moving at grazing incidence over the floor, could barely interact with the 
sample to be tested. Conversely, the presence of sound absorbers and of additional diffusing elements 
along the vertical surfaces close to the floor contributed to dampen that slowly decaying paths. Thus, 
the location of damping or diffusing elements close to the floor but on vertical surfaces, a portion of 
the space which is typically left untreated to ease sample placement and source and receiver movement, 
actually proved to be effective in obtaining more diffuse conditions and more reliable results.   

  

3.2 GA models 

Taking into account the above results, the GA model was used in order to answer the following 
questions:  

1) Is it possible to better explain the differences between config. A and the others?  
2) Does the GA model respond correctly to changes in room configuration?  
3) How could GA models help to improve measurement accuracy? 
 
With reference to the first question, starting from the calibrated model of config. A, the absorption 

coefficients of the test sample were iteratively changed until the lowest possible difference (below 1%) 
was found between measured and simulated values. The results of the iterative adjustment procedure 
were shown in Table 3, suggesting that when the scattering coefficient of the flat surfaces was set to 
0.05 an error below 1% was obtained adopting sound absorption values that were in close agreement 
with those obtained from measurements under config. B and C. If the scattering coefficient assigned to 
flat surfaces was increased to 0.10 (the default value) a slight decrease in the absorption coefficients of 
the sample was observed, but they remained fairly close to those measured in configs. B and C, 
confirming that GA modelling may provide more reliable results than just using Sabine’s formula. 
Finally, in order to define a unique scattering coefficient to be used in the subsequent calculations, the 
absorption coefficients measured under config. C were used to feed the GA model, and the scattering 
was changed until a good match between predictions and measurements was found. A value of 0.07 at 
frequencies from 500 Hz to 1 kHz, and of 0.06 at the remaining bands, was finally assigned. Low 
frequencies were not included in the optimization and a default value of 0.10 was assigned.   

 

Table 3. Comparison between measured and simulated reverberation times under config. A  

Material                     Octave band [Hz] 125 250 500 1000 2000 4000 
Measured T30 6.97 6.14 4.08 2.83 2.28 1.80 
Predicted T30 (scattering coefficient set to 0.05) 6.93 6.11 4.08 2.81 2.26 1.79 
% Error -0.5% -0.5% 0.0% -0.6% -0.7% -0.3% 
  Sample absorption coefficient 0.10 0.19 0.41 0.71 0.88 0.99 
Predicted T30 (scattering coefficient set to 0.10) 6.92 6.09 4.04 2.81 2.25 1.78 
% Error -0.6% -0.8% -1.0% -0.6% -0.9% -0.9% 
  Sample absorption coefficient 0.10 0.19 0.41 0.69 0.85 0.96 

   
 
To answer question 2, starting from the calibrated model (including measured absorption 

coefficients of the sample, and optimized scattering coefficients), reverberation times referred to 
configurations B and C without and with samples were analyzed and the respective errors calculated. 
Results, summarized in Table 4, showed that for all the configurations, at frequencies above 
Schroeder’s limit, the errors were typically very small (around 1%) with some exceptions in which 
errors never exceeded 2.5%. No systematic behavior could be seen in these errors, as they had different 
signs, took place at different frequencies in different configurations. However, on average, in presence 
of the sample, slightly larger errors were found, even though they were mostly at lower frequencies, 
where diffusers are less effective and modal behavior affects measurements. At high frequencies, 
where the largest variations in measured absorption coefficients were found, with respect to the 
different analyzed configurations, results were very good. This was an important result, also 
considering uncertainties related to air absorption, which in the software is computed according to ISO 
9613-1 (13) based on actual values of temperature and relative humidity. So, after all, the GA model 
proved to be a reliable approximation of the room behavior above Schroeder’s frequency.  
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Table 4. Comparison between measured and simulated reverberation times under config. B and C  

Material                     Octave band 
[Hz] 

125 250 500 1000 2000 4000 

Measured T30 (Config. B, empty) 5.84 5.53 5.03 4.69 4.09 3.02 
Predicted T30 (Config. B, empty) 5.87 5.52 5.04 4.64 4.04 2.97 
Error (%) 0.51% -0.18% 0.20% -1.07% -1.22% -1.66% 
Measured T30 (Config. B, full) 5.11 4.06 2.94 2.23 1.86 1.51 
Predicted T30 (Config. B, full) 5.30 4.18 2.94 2.17 1.85 1.51 
Error (%) 3.72% 2.96% 0.00% -2.69% -0.54% 0.00% 
Measured T30 (Config. C, empty) 6.38 6.25 5.90 5.42 4.60 3.19 
Predicted T30 (Config. C, empty) 6.57 6.45 5.91 5.47 4.57 3.14 
Error (%) 2.98% 3.20% 0.17% 0.92% -0.65% -1.57% 
Measured T30 (Config. C, full) 5.62 4.57 3.18 2.42 1.97 1.55 
Predicted T30 (Config. C, full) 5.90 4.69 3.26 2.40 1.95 1.53 
Error (%) 4.98% 2.63% 2.52% -0.83% -1.02% -1.29% 

   
In order to answer the last question there are several aspects that could be considered. First of all, it 

is possible to take advantage of the potential offered by the GA modelling tool to visualize the sound 
field and, in particular, the position of the image sources (up to the 9th order). Figure 5 compares the 
distribution pertaining to configurations A and C, as a function of source positions. In all the cases 
there is a large number of image sources that lay close to the horizontal plane, but in case A their 
number is larger than in case C, confirming the important role played by grazing sound, and that of the 
elements that may contribute to absorb or break those paths. The position of the source on the floor 
also seems to contribute significantly to reduce the spatial distribution of the image sources, while the 
position off the floor (Figure 5c) makes a much more scattered cloud of image sources, but the 
concentration of sources along planes parallel to the floor remains and is even more evident (and 
doubled because of floor reflections).  

So, as the increase in scattering coefficient of flat surfaces clearly shortened the reverberation time 
under fully occupied room, while the empty room proved to be immune as the lengthy reverberation 
contributed to further diffuse the reflections, a possible use of the GA model could be that of 
optimizing the distribution of reflectors/diffusers, so to improve diffuse field conditions. 

 

 

Figure 5 – Plot of the image source distribution as a function of source position and different room 

configuration: a) Config. A, S-A; b) Config. A, S-B; c) Config. C, S-A; d) Config. C, S-B  
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Figure 6 – Plot of the image source distribution (up to 9th order) as a function of source position for the 

configuration with alternate diffuser placement: a) S-A; b) S-B.  

 

Table 5. Comparison between measured and simulated reverberation times under the optimized diffusers 

configuration  

Material                Octave band [Hz] 125 250 500 1000 2000 4000 
Predicted T30 (empty) 8.22 9.27 8.67 7.82 6.07 3.82 
Predicted T30 (full) 7.19 6.1 4.04 2.83 2.23 1.71 
Absorption coeff. (calculated from Sabine) 0.05 0.17 0.40 0.68 0.86 0.98 

   
As an example, two more 1.3 m square diffusers have been added on the walls located at 0 and 0.65 

m from the floor in order to intercept and disrupt persistent and nearly-horizontal paths. The plot of the 
image source distribution (Figure 6) shows a significant improvement, with a more even distribution 
of the points and a reduction of those laying on the same plane. In terms of predicted reverberation 
times, they show in both empty and full configuration an almost perfect agreement with those 
calculated using Sabine’s formula and the resulting absorption coefficients (Table 5) are almost 
coincident with those used in the model (which are those resulting from measurements in config. B and 
C). So, controlling reflection paths, without adding any damping material, it was possible to overcome 
the limitations observed when configuration A was adopted. 

  

4. CONCLUSIONS 
Geometrical acoustic simulation can be a valid help to support and complement measurements of 

sound absorption coefficient in a reverberant chamber according to ISO 354 standard. In fact, sound 
diffusers are typically mounted far from the areas where the sample to be tested must be located, in 
order to avoid interferences with sources, microphones and operators. However, this leaves room to 
persistent horizontal reflection paths which may result in an underestimation of the absorption 
coefficient in certain situations (e.g. when the sample is very thin). Adoption of damping and 
scattering elements located along the plane parallel to the floor prove to be beneficial to obtaining 
more accurate measurements. A comparison between the results obtained using different room 
arrangements and those obtained by geometrical acoustic simulation showed that the latter contributed 
to immediately obtain the correct sound absorption coefficient even when the results of the less diffuse 
configuration were used to feed the model. Conversely, using the absorption coefficients resulting 
from the more diffusing configurations to feed the geometrical acoustic model resulted in very 
accurate reverberation time prediction under all the analyzed combinations. Finally, taking advantage 
of the good performance shown by the method, it was used to propose alternative configurations 
capable of overcoming the observed limitations without the use of damping elements. Further 
investigations are under way in order to take into account different and thicker samples.     
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ABSTRACT 

Teachers’ vocal behaviour is affected, among other aspects, by the noise generated by pupils that talk and 

move in classroom. Under noisy conditions, teachers are likely to increase their voice level causing possible 

negative consequences on their vocal health. In this pilot study a noise monitoring system with a lighting 

feedback, namely the SEM (Speech and Sound SEMaphore) device, has been used as an educational tool. It 

encourages pupils to reduce their voice volumes through a coloured lighting feedback. Seven teachers from 

four classes of a primary school in Turin (Italy) have been monitored over two to four working days with 

SEM switched on and off. The results have shown that the background noise level averagely decreased by 

about 2.9 dBA when SEM was switched on. With SEM switched off, a tendency towards Lombard effect has 

occurred, i.e. an increase in the speech level with background noise level at a rate of about 0.4 dB/dB. 

Conversely, such effect has not been found with SEM switched on. Self-reported impressions of teachers 

indicated that SEM effectively reduces vocal effort and improves speech intelligibility in the classroom. 

 

Keywords: Vocal load, Noise, Classrooms 

1. INTRODUCTION 

Classroom acoustics may generate challenging environments for both students and teachers, as it 

influences speech intelligibility and the required vocal effort in order to be understood, respectively. 

Particularly, when poor acoustics is present it may degrade the students’ performance [1] and bring 

teachers to excessively raise voice with possible negative consequences on their vocal apparatus [2].  

Together with the objective assessment of a classrooms’ quality and students’/teachers’ 

performances in it, there is an increasing observation of the subjective perception of the acoustic 

environment by means of questionnaires. Particularly, questions on the perceived noise annoyance and 

on the most heard sound source in classrooms have brought to light that students’ activity is perceived 

as the main source of noise in classrooms within the combination of different sounds. In a subjective 

investigation on 51 classes, Astolfi et al. [3] found that student conversations and movements were 

perceived as the highest noisy source in terms of intensity, frequency and disturbance in primary 

school classrooms. The accurate monitoring of classroom noise during the teaching activity is 

therefore fundamental, especially to evaluate the relationship between self-perceived annoyance and 

objectively measured noise. As an example, Sato and Bradley [4] quantified that an average increase in 

background noise levels by about 10 dBA was generated by students during teaching activities.  

In this framework, it is still unknown whether the involvement of occupants’ behaviour could 

generate some effects on background noise levels and teachers’ voice status. An innovative method 

based on a visual system with coloured lighting feedback has been applied to control noise levels 

through the visualization of sound conditions encouraging lower students’ voice volume when noise 
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levels are elevated, however still on a small scale. Prakash et al. [5] pointed out that teachers, students 

and management area (i.e. secretary deputy head teacher or head teacher) self-estimated the usefulness 

of such a visual feedback system in school. The use of the SoundEar II device [6], led to improve the 

teaching process and classroom environment, as well as to reduce background noise levels in three 

classes involved in a short-term experiment [7]. Nonetheless, in order to increase the knowledge about 

the effects of occupants’ behavior on learning and teaching process, research on the use of visual 

feedback system as an educational tool is still required to provide evidence of its benefits in terms of 

noise reduction and vocal effort. Such aspect of voice use in relation with activity noise, in fact, still 

needs to be deepened with in-field, prolonged and repeated measurement campaigns that make use of 

accurate tools too. 

For this purpose, a pilot study was performed using a noise monitoring system with the lighting 

feedback during long-terms voice monitoring in four primary school classrooms. The aim of this pilot 

was to evaluate the extent to which the presence of a noise monitoring system could encourage 

teachers to reduce their vocal effort during plenary lessons due to a greater awareness of noise 

conditions, and to reduce the background noise levels generated by positive pupils’ behaviour. 

2. METHODOLOGY 

2.1 Case studies 

The present pilot study involved four classrooms belonging to a primary school placed in a 

residential area of the center of Turin (Italy) that dates back to the nineteenth century. Due to their 

location in the school building, classrooms either faced a road with low traffic or the internal courtyard, 

therefore external noise is not a predominant source of disturbance. Geometry and finishes in the 

classrooms are very similar; they all present large windows, earthenware tiles on the floors, high 

vaulted ceilings and acoustically treated walls, the latter consisting of plasterboard tiles (1.2 x 2.4 m, 

with a percentage of perforation of 16%) with an air gap of 7.5 cm from the walls. The BS EN ISO 

3382-1 standard [12], using the integrated impulse response method, was applied for measurements of 

reverberation time (T30) in the school classrooms, which had the average volume of 240 m3. The mean 

reverberation time was 0.9 s in unoccupied condition and 0.6 s in occupied condition in the 

mid-frequency range (from 0.5 kHz to 1 kHz). The acoustical renovation and measurements are 

described in detail in Astolfi et al. [8].  

2.2 Monitoring of background noise levels  

2.2.1 Device and procedure  
A noise monitoring system with the lighting feedback, namely SEM (Speech and Sound 

SEMaphore), was used to measure and control background noise levels during teaching activities in 

primary school classrooms based on an adjustment of pupils’ behaviors, such as lowering voice 

volumes. The SEM device has been developed, validated and patented at Politecnico di Torino. 

The SEM device, which detailed description is given in Di Blasio et al. [9], consists in a class 2 

sound level meter device (ISO-TECH SLM 52N) that measures background noise levels (LA90), and in 

a transparent panel illuminated by a through‐light beam. The lighting feedback alternates colours from 

green, yellow and red according to the change of background noise levels.  

The long-term noise monitoring was performed across three school years in three successive 

campaigns using SEM devices located close to whiteboard and teachers’ desk in front of pupils in a 

total of thirteen classes (four to five per year). The present work reports the methods and results related 

to the third monitoring campaign in which, in addition to the use of the SEM device as an educational 

tool, the teachers’ vocal activity and subjective assessments were evaluated. Overall, the monitoring 

campaign was divided in phases according to lighting feedback of the SEM device, as follows: phase 

one (P1), with SEM switched off and pupils unaware of the ongoing monitoring in order to be not 

influenced by an a-priori information; phase two (P2), with SEM switched on and pupils aware of the 

ongoing monitoring, as they were informed of the relationship between the colours of the warning light 

and the noise levels produced by themselves.  

The background noise levels were recorded in both phases using the SEM device itself. Teachers 

were asked to switch off and on SEM device and to note different variables in a daily logbook, e.g. type 

of activity and the respective time-slot, own name, number of pupils, day of the week and possible 

noise events coming from outside.  
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2.3 Monitoring of teachers’ vocal activity 

2.3.1 Subjects  
One male and six female teachers have been monitored from two to four working days (3-4 hours 

per each monitoring) over two different time periods according to P1 and P2 of the noise monitoring 

campaign. Both phases of the long-term voice monitoring were carried out in the middle of the school 

year with a distance from each other of four to six weeks. Teachers’ age ranged between 38 and 60 

years, with a mean age of 48. Voice monitoring campaign involved four classes from first to fourth 

grade (with pupils’ age from 5 to 9 years), where the number of pupils varied between 12 and 25 

depending on the day and class. Table 1 shows the characteristics of the subjects and the total number 

of long-term voice monitoring performed for each teacher according to the two monitoring phases.  

 

Table 1 – Main characteristics of the classes and the teachers, and the total number of long-term voice 

monitoring for each one, subdivided according to P1 and P2.  

Classes Teachers Number of voice monitoring 

Grade Pupils’ number ID Age Gender P1 P2 

I A 20-22 a 47 M 1 1 

  b 41 F 2 0 

II B 12-14 c 38 F 1 1 

  d 55 F 2 2 

II C 17-19 e 50 F 1 2 

IV D 23-25 f 47 F 2 2 

  g 60 F 1 1 

 

2.3.2 Recording equipment and procedure   
The long-term voice monitoring was carried out using a portable vocal analyzer, based on Voice 

Care technology, that has been developed at the Politecnico di Torino by Carullo et al. [10-12]. This 

device consists of a Piezoelectric Contact Microphone (HX-505-1-1, Shenzhen, China), embedded in 

a collar, that has been placed near the jugular notch to sense the acceleration of the skin caused by the 

vibration of the vocal folds (Figure 1). The sensor is connected to a smartphone (Samsung 

SM-G310Hn) where an application, the Vocal Holter App (by PR.O.VOICE, Turin, Italy), records the 

signals with a sampling rate of 22050 Hz and 16 bit of resolution. The App estimates the Sound 

Pressure Levels (SPLs) of the voice signal at a fixed distance from the speakers’ mouth after the 

calibration procedure with a reference microphone [12].  

 

 

Figure 1 - An example of long-term voice monitoring in a classroom during P2 with the lighting of SEM 

device switched on. The contact microphone connected to the smartphone are marked white dots shape. 

The voice monitoring procedure was performed according to past works in which the teachers’ 

voice use was performed during their activity for long-terms, i.e. either one week [13] or one year [14] 

monitoring. In short, the voice monitoring consisted in two steps, that is, in a calibration phase 
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performed in a quiet room of the school and in an activity monitoring performed in the teaching 

classroom. The calibration procedure was performed before each long-term voice monitoring using a 

class 1 sound level meter with omnidirectional microphone in air (SLM, XL2, NTi Audio) in the 

school library, where the A-weighted equivalent background noise level was measured in three 

different days. The average LAeq value of 37.6 dB (SD = 2.6 dB) was obtained. Each teacher was 

equipped with the contact-microphone connected to the smartphone and then they were asked to 

perform the following steps: a) vocalizing for 3 to 5 short times the vowel /a/ with increasing intensity 

and to repeat this task other two times, alternating few seconds of silence between the repetitions, b) 

vocalizing a sustained vowel /a/ maintained from 5 to 10 sec and c) performing a free conversation of 

about 1 min using a comfortable pitch of voice in any position of the room. The calibration steps a) and 

b) were carried out by each teacher standing in front of the omni-directional microphone in air at the 

distance of 17cm on axis. Step c), instead, was performed with the teacher standing randomly in the 

room at one meter from the researcher who supervised the monitoring.  

  

2.3.3 Data processing of voice monitorings   
Data were transferred from the sound level meter and smartphone to a personal computer for 

post-processing. Only the part a) of vowel /a/ scales of the calibration procedure and the time-slot 

regarding to plenary lesson have been selected at the aim of understanding the teachers’ voice use in 

relation with the noise monitoring with SEM in P1 and P2. For the lessons’ monitoring, three different 

time bands of the day were chosen according to the morning and lunch break, which discriminate 

different loads for the teacher, that are: morning in the time ranges 8.30-10.30 (M1) and 10.45-12.30 

(M2), and afternoon in the time range 14.30-16.15 (A3). Only plenary lesson slots were selected 

within the entire voice monitorings as this type of vocal activity is the most demanding for teachers, 

due to a typical phonation time percentage of about 30% according to literature [13, 15]. Time-slots of 

the plenary lessons have been detected using Audacity software based on the information reported by 

teachers in the timesheets (described in Section 2.4). According to this procedure, more than one 

signal has been defined for some long-term voice monitoring, thus a total of 32 signals have been 

analyzed. The duration of the time-slot varied between 25 min to 120 min each. 

Ad hoc MATLAB 2017A scripts were used to estimate the calibration curves of the vowel scale 

signals recorded by the contact microphone and the SLM for each teacher in each voice monitoring. 

Then, atemporal alignment between the two signals was performed in order to select the same time 

segments, containing one or more vowel /a/ scales. With another proper MATLAB script, the voiced 

and unvoiced frame detection through a suitable RMS voltage threshold was implemented. The RMS 

values of each evaluated frame was compared to a threshold value defined during the calibration phase, 

and only the over-threshold frames, �0 and SPLs were calculated; conversely, zero values were 

assigned to the under-threshold frames. As a main output, SPLs occurrence histograms from voiced 

frames with a bin resolution of 1dB were obtained. Therefore, mean, median, mode and standard 

deviation values could be calculated from such histograms. The results related to SPLmean,1m are 

reported in this study.  

2.4 Subjective assessments 

Two questionnaires were administrated to teachers. During each long-term monitoring, the change 

in activity (e.g. plenary lesson, shared lesson, group activity) was noted by teachers in a timesheet, 

where they also indicated 1) their perceived vocal status at the end of the daily monitoring compared to 

the beginning of the day, 2) the perceived degree of noise level in the classroom with respect to the 

situation of empty room and school at the beginning of the day, 3) the change in voice intensity 

compared to an ideal condition without background noise and reverberation [8]. The second 

questionnaire presented in Astolfi et al. [3] was administrated at the end of the noise monitoring 

campaign to investigate teachers’ perception on acoustic quality in relations to several variables. Some 

questions about the SEM device were added to evaluate how teachers assessed its use as an educational 

tool. In particular, three questions were related to the purpose of this study since they explored 1) the 

perceived vocal effort during lessons, and 2) the perceived reduction of vocal effort and 3) the 

perceived decrease of background noise levels generated by the presence of the lighting feedback of 

the SEM device. 
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3. RESULTS 

3.1 Statistical analysis  

The statistical analysis of the data was performed using SPSS software (v. 20 for Window; IBM Cor, 

Armonk, NY). The normal distribution of parameters related to background noise levels and teachers’ 

voice was investigated through Shapiro–Wilk test considering a confidence interval of 95% 

(significance level α = 0.05), and an outlier analysis was performed applying the Mahalanobis 

distance. 

The one-tailed Mann-Whitney U Test (MWU) [16] was assessed to investigate statistically 

significant differences between background noise levels (LA90) measured in two days related to P1 and 

P2 at the same time of the teachers’ voice monitoring. To reduce the number of variables, the 

occurrence distributions of LA90 values related to both phases were selected maintaining some of them 

as fixed, e.g. teacher, plenary lesson, class and time band. Figure 2 shows an example of improvement 

in the monitored behavior of children related to their noise production, thus corresponds to a couple of 

samples where LA90,mean significantly decreased in P2 compared to P1. 

 

 

Figure 2 – An example of occurrences distributions of background noise levels measured in class II C with 

teacher e), and the results of descriptive statistics and the MWU Test subdivided according to P1 and P2.  

3.2 Relationship between background noise levels and voice parameter  

Figure 3 shows the relationship between background noise levels (LA90,mean) and voice parameter 

(SPLmean,1m) through the best-fit regression lines of the data sample subdivided in Group 1 (n = 17) and 

Group 2 (n = 15) according to the two phases, respectively. No data was excluded for this analysis.   

Looking at the background noise levels, the smaller range of values was obtained for Group 2, (47 

dB to 59 dB) compared to Group 1 (51 dB to 62 dB). A slight difference of about 2 dB emerged from 

the comparison between the range of voice levels of both groups, with the lower range of values found 

for Group 2. The extreme point of Group 2 was excluded since it largely differed from all other values.  

A tendency towards Lombard effect occurred when the lighting feedback of the SEM device was 

switched off (P1), i.e. an increase in the speech level with background noise level at a rate of about 0.4 

dB/dB (Group 1), thus it is within the range indicated by Lazarus [17]. Conversely, a lower tendency to 

raise voice levels was obtained when a decrease of background noise levels was emerged according to 

the presence of lighting feedback. Considering the small sample size of this pilot study and the 

inter-subject differences, the R-squared values were very low for Group 1 (R2 = 0.16) and 2 (R2 = 0.05), 

and all the obtained relationships can be considered as tendencies only. 
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Figure 3 - Best-fit linear regressions between the voice parameter (SPLmean,1m) and the mean background 

noise levels (LA90,mean) subdivided in Group 1 and 2 according to P1 and P2. 

3.3 The effects of SEM device on background noise levels 

Table 2 shows the results related to the analysis on background noise levels performed according to 

MWU Test. Some data were excluded according to the procedure described in Section 3.1, thus 13 

coupled samples were analyzed on a total of 32 data samples. Looking at the comparison between the 

mean values of background noise levels (LA90,mean) measured in P1 and P2 a statistically significant 

improvement was obtained for 5 of 13 coupled samples (38% in total). The average decrease of 

LA90,mean values between these coupled samples was of 2.9 dB and a lower range of background noise 

values was obtained in P2 (47.8 to 56.5 dB) compared to P1 (50.9 to 62.0 dB). 

 

Table 2 – Comparison between LA90,mean measured in P1 and P2 for each coupled sample, and the difference 

of LA90,mean values between P2 and P1. Significant improvements (p-value < 0.05 according to the MWU 

Test) are reported in bold. The time band related to the working day are indicated with M1 (8.30-10.30) or 

M2 (10.45-12.30). The chronological number of the long-term voice monitoring are also specified.  

 

Grade class 

ID 

Teacher 

ID 

Time 

band 

Voice monitoring LA90,mean [dB] ∆LA90,mean 

[dB] P1 P2 P1 P2 

I L a M1 1 2 54.9 55.6 0.7 

  M2 1 2 62.0 56.5 - 5.5 

II M d M1 1 3 50.9 51.2 0.2 

  M2 1 3 54.2 55.0 0.7 

  M1 1 4 50.9 53.9 3.0 

  M2 1 4 54.2 55.3 1.1 

II N e M1 1 2 50.9 47.8 - 3.1 

  M2 1 2 53.9 50.4 - 3.5 

IV O f M1 1 2 54.1 54.2 0.0 

  M1 1 3 54.1 53.2 - 0.9 

  M2 1 3 54.4 63.3 8.9 

 g M1 1 2 53.9 54.2 0.2 

  M2 1 2 53.9 50.4 -1.6 
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3.4 Subjective assessments  

Teachers self-estimated that the degree of noise level at the end of the day with respect to the 

beginning of the day and the empty room were slightly better in presence of SEM device compared to 

the working day without it, as well as their vocal status. At the end of noise monitoring campaign, 57% 

of teachers declared that lessons generated a higher vocal effort compared to a normal conversation in 

absence of noise and reverberation. However, SEM device was considered useful for reduction of 

vocal effort and improvement of speech, and for decrease of noise levels generated by pupils during 

plenary lessons for 86% and 72% of teachers, respectively.  

4. DISCUSSION AND CONCLUSIONS 

The presented work investigated in-field with a structured monitored campaign the reduction of 

background noise levels generated by the changing of pupils’ behavior and its relationship with the 

teachers’ vocal effort, which approach and outcomes miss in the available literature so far. In the 

framework of this pilot, a statistically significant decrease in background noise levels was measured 

during plenary lessons suggesting a possible change in pupils’ behavior according to the presence of 

the lighting feedback of the noise monitoring system. Moreover, the usefulness of the SEM device as 

an educational tool able to improve classroom environment was perceived by most of the teachers 

involved in the study. These objective and subjective findings are in line with two previous studies [5 

7], where the use of visual noise feedback devices was suggested as a possible low-cost solution to 

reduce noise and improve teaching experience in classroom.   

Concerning the relationship between background noise levels and vocal effort the results suggested 

a tendency of teachers monitored over the weeks to raise their speech level less when the lighting 

feedback of SEM device was switched in classrooms. Since the statistical power of these results is low, 

particularly due to the small sample size, further investigations especially with larger numbers of voice 

monitoring are needed to evaluate the changing in teachers’ vocal behavior generated from more 

awareness on noise conditions and from the reduction of background noise based on the presence of 

the noise monitoring system with lighting feedback. 
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ABSTRACT 
This paper aims to improve the performance of automatic speaker identification in various environments. 
Feature extraction is the first stage for the identification process. It is a challenge to extract those features that 
express the speakers’ individualities. The speaker variation is highly related to the spectrum of its speech 
signals. Hence, the autocorrelation technique and the discrete cosine transform are applied for the feature 
extraction of speech signals. Then, those features are employed by a classifier engine to determine the 
speaker identity. In this paper, Gaussian mixture model is used as the recognition engine. The performance of 
the speaker identification system is investigated for various settings of the applied technique. Moreover, the 
effect of additive and convolutional noise on the performance of the identification process is investigated.  
 
Keywords: Identification, Speech, Autocorrelation 

1. INTRODUCTION 
The speaker identification process aimed to identify the speaker based on his speech signals. 

Automatic speaker identification consists of two stages: feature extraction and feature classification 
by means of a recognition engine. Many features have been extracted and successfully employed by 
the classifier for the recognition purpose. Mel-frequency cepstral coefficients (MFCC), perceptual 
linear predictive cepstral coefficients (PLPCC) have proved good results for identifying speakers in 
clean environments (1). Another techniques are suggested to improve the identification process in 
noisy environments (2, 3). 

The speech spectrum reflects the speaker characteristics as well as it carries the message 
information. These characteristics are related to the physical system of speech production for 
individuals. Hence, the feature extracted from the spectral characteristics of the speech signals are the 
most useful ones for automatic determination of the speaker identity. The paper applies the 
autocorrelation technique and the discrete cosine transform (DCT) for the feature extraction stage.  
This autocorrelation-based DCT feature has been specified for ships’ classification by means of the 
noise produced by their platform (4).  

The paper aims to determine the spectral components that fit the best for the identification process. 
The performance of the identification process is investigated in reverberant environments and in the 
presence of additive white Gaussian noise. The paper is organized as follows. The next section 
discusses the speech production mechanism and its relation to speaker individual ity. Section 3 
describes the technique used for feature extraction. Section 4 presents the database used, whereas 
section 5 describes the experiments and discuss the results. Finally, section 6 presents the paper 
summary and the final conclusions. 

 

2. SPEECH PRODUCTION AND SPEAKER INDIVIDUALITY 
Speech production takes place in two separate processes. The excitation process which consists of 

vibration of vocal folds for voiced sounds or noise turbulence for unvoiced sounds. In the second 
process, the sound is filtered through vocal and nasal tracts and it is radiated from the lips and nostrils.  

Speaker variation is related to difference in vocal tract length, and vocal folds variation in both size 
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and mass. These variations between speakers affect the pitch of voiced sounds and their resonance 
(formant) frequencies (5). 

The voiced pitch corresponds to the fundamental frequency (F0). Large variation in F0 between 
speakers enables normal listeners to identify them. Filter bank configurations a re chosen for spectral 
coding of speech signals. The low frequency region (100 – 500 Hz) provides better spectral coding of 
F0, whereas the middle frequency region (500 – 1500 Hz) represents the vowel formants. The high 
frequency region (1500 – 5000 Hz) represents the temporal speech aspects (6).  

3. FEATURE EXTRACTION TECHNIQUE 
The speech spectrum carries the message information and the individual characteristics of the 

speaker. Figure 1 shows the spectrum of a speech segment for two different speaker s and same output 
sound. It is obvious that the variation in speech spectrum is related to speaker discrimination.  

Figure 1 – Spectrum of speech segment for two different speakers. 
 
The power spectral density describes the distribution of the power of the speech signal with 

frequency. For a speech segment x(t), the power spectral density  is defined in the following 
equation, where  is the autocorrelation function for the speech segment, and  denotes Fourier 
transform. 

 (1) 
It is aimed to extract features that represent the strength of the variations with frequency, and hence 

characterize the speakers. This is done by applying the autocorrelation function and the discrete cosine 
transform (DCT) to the speech signals (4). Figure 2 shows the feature extraction method. First, the 
autocorrelation function of the speech signal is computed, and then windowed using hamming window 
of 30 ms long. Finally, DCT is applied to the windowed signal, and the autocorrelation-based DCT 
feature vector is obtained for each segment. 

 
 
 
 
 
 

Figure 2 – Block diagram of the feature extraction technique. 

4. DATABASE 
The database consists of sound produced by twelve speakers, eleven males and one female. Each 

speech signal is sampled at 8000 Hz; 16-bit quantization level is used. Clean signals are used for the 
training phase, whereas reverberant signals and reverberant signals plus additive white Gaussian noise 
are employed for the test phase. Room reverberation is simulated using comb filters (7). Four room 
impulse responses are simulated for reverberation time that varies from 1 to 3 s. Voxforge database is 
used. A set of twelve spoken sentences is directly used within the training phase. Another set of twelve 
spoken sentences is chosen, and convoluted with each of the simulated room impulse response to 
obtain four sets of reverberant speech signals. Finally, additive white Gaussian noise is added to each 
speech signal of a certain reverberant set, and hence a fifth set of noisy speech signals is obtained. 
Those five sets of noisy speech signals are used for the test phase. 

Autocorrelation Windowing DCT Autocorrelation-based 

DCT feature vectors 
 x(n) 
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5. EXPERIMENTS AND RESULTS 
The autocorrelation-based DCT feature vectors for clean and noisy speech signals are extracted, 

then they are employed by the Gaussian mixture model for the identification problem (8, 9). Two 
Gaussian components are used (10). Clean signals are used for the training phase, whereas the noisy 
ones are employed for the testing phase. The five sets of various type of noisy signals are used, and the 
identification rate is calculated using each set of these noisy signals. Three experiments are conducted 
to investigate the performance of the identification process in noisy environments. The experiments 
aim to specify the relevant frequency band that fits the best for automatic speaker identification in 
various noisy environments. The following equation relates the coefficient number, k, to its frequency, 
f. fs is the sampling frequency, and N is the number of samples per frame. 

sffNk 12  (2) 
The first experiment aims to determine the effect of the number of the autocorrelation-based DCT 

coefficients on the identification rate. The feature vectors are extracted from reverberant speech 
signals, and they are employed by the classifier within the test phase. The number of coefficients 
varies from 12 to 256 according to the number of octave bands used. The DC coefficient is discarded. 
Table 1 shows the cutoff frequencies, the corresponding number of coefficients used, and the resulted 
identification rate for the various values of reverberation time.  

 
Table 1 – The identification rate versus number of coefficients for four set of reverberant testing signals 

 
Cutoff 

frequency, 
Hz 

 
Number of 
coefficients 

used 

Identification rate, %, for reverberation time of 
 

1 s 
 

1.5 s 
 

2 s 
 

3 s 
177 11 83.33 66.67 83.33 66.67 

354 23 83.33 75.00 91.67 75.00 

707 45 91.67 75.00 83.33 83.33 

1414 90 75.00 75.00 83.33 66.67 

2828 180 66.67 75.00 83.33 66.67 

4000 255 66.67 66.67 66.67 66.67 

 
 Table 1 concludes that the coefficients that correspond to the low frequency region (88 – 707 Hz) 

yields to the highest identification rate for various set of reverberant testing speech signals. For 
reverberation time of 1 s, maximum identification rate of 91.67% is reached when 45 
autocorrelation-based DCT coefficients are used. Those 45 coefficients correspond to a cutoff 
frequency of 707 Hz. Similar conclusion is showed for reverberation time of 3s, and a maximum 
identification rate of 83.33% is obtained. In the case of 2s reverberation time, maximum identif ication 
rate of 91.67% is reached for 23 coefficients that correspond to a cutoff frequency of 354 Hz.      

The second experiment is conducted to determine the number of coefficient s within the low 
frequency region (100 – 500 Hz), which improve the identification rate in reverberant environments. 
Table 2 shows the cutoff frequencies for filter-bank within the low frequency region (6), the 
corresponding number of coefficients used, and the resulted identification rate for the various values 
of reverberation time. It concludes that maximum identification rate is reached for 19 
autocorrelation-based DCT coefficients that correspond to a cutoff frequency of 300 Hz. Maximum 
identification rate of 91.67% and 100% is reached for reverberant testing signals at reverberation time 
of 1s and 2s respectively. 

The third experiment is conducted to evaluate the effect of the presence of both additive and 
reverberant noise on the identification rate. In this experiment, additive white Gaussian noise is added 
to the reverberant speech signals and the fifth set of noisy signals is obtained. Then, 20 coefficients are 
extracted from those noisy signals and are employed by the classifier within the test phase. Figure 3 
shows the identification rate versus various values of signal-to-noise ratio (SNR). It is found that high 
identification rate is obtained for SNR that equals to or greater than 5 dB. At 0 dB SNR, the 
identification rate is decreased to 58.33%. 

 

4106



 

 

 
Table 2 – The identification rate within the low frequency region for four set of reverberant testing signals 

 
Cutoff 

frequency, 
Hz 

 
Number of 
coefficients 

used 

Identification rate, %, for reverberation time of 
 

1 s 
 
    1.5 s 

 
   2 s 

 
3 s 

100 6 58.33 58.33 75.00 66.67 

167 11 83.33 66.67 83.33 75.00 

233 15 83.33 75.00 83.33 75.00 

300 19 91.67 75.00 100 75.00 

367 23 75.00 75.00 91.67 75.00 

433 28 83.33 75.00 91.67 75.00 

 
 

 
Figure 3 – Identification rate versus SNR, 20 coefficients extracted, reverberation time = 2s.  

6. CONCLUSIONS 
The paper discusses the problem of automatic speaker identification in various noisy environments. 

The autocorrelation method and the discrete cosine transform are applied to extract the speech feature 
vectors and those vectors are employed by Gaussian mixture model to determine the speaker identity. 

Clean speech signals are used for the training phase, whereas reverberant speech signals are used 
for the test phase. The reverberation time is varied to construct various sets of testing signals, and the 
identification rate is calculated for each testing set. The paper specifies extracting the 
autocorrelation-based DCT coefficients that correspond to the low frequency band of cutoff frequency 
of 300 Hz as it yields to the highest identification rate.   

Moreover, the effect of both reverberation and additive noise is investigated for various SNR. It is 
found that employing the autocorrelation-based DCT coefficients that correspond to the specified low 
frequency band improves the performance of the identification process for SNR equals or greater than 
5 dB. 
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ABSTRACT 
According to the Framework for Understanding Effortful Listening (FUEL), multiple factors determine 
listening effort, including bottom-up factors such as the quality of the speech signal and top-down factors 
such as knowledge. Listening effort can be understood as the cognitive resources deliberately applied to a 
listening task. Poor sound quality may make a listening task more difficult to perform, consuming more 
cognitive resources and making it more effortful. Knowledge, on the other hand, may make the task easier to 
perform and reduce effort. Both of these factors may affect the ability to hear an interlocutor correctly and 
also the ability to make an appropriate response. We investigated this as follows: Twenty young adults 
listened to prerecorded spoken sentences with semantic coherence that was high e.g. “Her daughter was too 
young for the disco” or low. “Her hockey was too tight for the cotton”. Then, they either repeated the 
sentences or recast them as questions, e.g. “Was her daughter too young for the disco?”. The repeat and recast 
tasks were presented in two separate blocks each comprising equal numbers of sentences with high and low 
coherence. Sound quality was either clear or degraded (6-band noise-vocoding). Results showed that high 
semantic coherence was more beneficial during the more cognitively demanding recast task, and when 
speech was degraded. Better cognitive abilities were associated with the ability to make use of semantic 
coherence when speech was degraded, as well the ability to cope with speech degradation when semantic 
coherence was low. This pattern of results extends the FUEL by suggesting that semantic coherence 
alleviates listening effort at both perceptual and cognitive levels and is in line with the ELU model by 
showing that cognitive skill is important under challenging listening conditions. 
 
Keywords: Framework for Understanding Effortful Listening (FUEL), Ease of Language Understanding 
Model (ELU), Semantic coherence, Noise-vocoding, Repeat, Recast 

1. INTRODUCTION 
We hear with our ears but we listen with our brains. This means that the harder it is to hear speech, 

the harder our brains must work to understand it. Degraded speech is harder to hear than clear speech, 
and thus more effortful to listen to. Listening effort can be understood in terms of the allocation of 
cognitive resources to the task of listening. According to the Framework for Understanding Effortful 
Listening (FUEL, 1), listening effort is a function of task-related and individual-related factors, such 
that listening effort increases when task demands increase, but only when individual factors allow this. 
For example, listening effort increases when the quality of the speech signal is degraded but only when 
individual resources are sufficient to keep on processing the speech signal despite increased task 
difficulty. If task demands are too high, listening effort will drop as the listener disengages from the 
task. In other words, if task demands become too high the listener may decide to conserve cognitive 
energy rather than straining to hear a signal that is too hard to discern.  

The Ease of Language Understanding model (ELU, 2) describes how cognitive resources are 
allocated during listening under challenging conditions. According to the ELU model, working 
memory, the capacity to maintain information for processing, is engaged in speech understanding 
under challenging conditions. One function of working memory is to maintain predictions about the 
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content of speech during listening; these predictions constrain possible interpretations of the signal. 
This means that individuals with greater working memory capacity are likely to be able to make better 
use of semantic coherence when listening to degraded speech (3)  

Audiological assessment often includes speech recognition in noise tests. Typically, the test 
participant is presented with speech against a background of noise and the task is to repeat the speech. 
Because the aim of audiological rehabilitation is to achieve ergonomic listening and most speech is 
heard against a background of noise, it is important to measure the ability to recognize speech in noise. 
In everyday life, however, we often listen in order to communicate rather than simply to repeat a 
message we have heard. Formulating a response to a spoken message requires allocation of cognitive 
resources in competition with those needed to understand the message. Thus, when a response is made 
to a degraded spoken message, there is likely to be competition between resources required for 
recognizing the speech and the process of formulating the response.  

In the present study, we investigated the effects of signal degradation and semantic coherence on 
response generation under controlled conditions. Participants listened to clear and degraded spoken 
sentences with high and low semantic coherence and performed two different tasks in balanced order. 
One task was a speech repetition task as used in a classic speech recognition in noise test. The other 
task involved recasting the sentence as a question by changing the word order. The dependent variable 
in both tasks was the proportion of words reported correctly. We predicted poorer performance in the 
recast than repeat task due to the cognitive load of changing the word order. For similar reasons, we 
also predicted that the effects of signal degradation and semantic coherence would be greater for recast 
than for repeat. In line with the ELU model (2), we predicted that greater cognitive skill would be 
associated with better ability to perform both tasks when speech was degraded but semantic coherence 
high. In line with the FUEL (1), we predicted that in the most difficult condition (recasting degraded 
low-coherence sentences) performance would be low indicating that participants had opted out.  

2. METHODS 

2.1 Participants 
Twenty native Swedish speakers (10 females) took part in the present study. Mean age was 25 (SD 

= 3.1). All participants reported that they had no hearing impairment and gave informed written 
consent. 

2.2 Materials 
The materials used in the present study consisted of 200 Swedish propositional sentences (3, 4) 

based on an English model (5). Half of the sentences had high coherence (HC, e.g. “Her daughter was 
too young for the disco” and the other half had low coherence (LC, e.g. “Her hockey was too tight for 
the cotton”]). HC and LC sentences were matched on words , syllables and letters.  

The sentences were recorded by a female native Swedish speaker in a soundproof room. The 
resulting audio file was edited manually to create one audio file per sentence and 10 ms linear onset 
and offset ramps were added. All sentences were sampled at 16 bits and amplitudes were root mean 
square equalized. The sound quality of the 200 sentences was degraded with noise-vocoding (NV) at 6 
bands using a custom Matlab vocoder (6). This resulted in speech with an intelligibility level of around 
50% (7). 

2.3 Experimental tasks 
The participants listened to the sentences. In the repeat task, they were instructed to repeat the 

sentences and in the recast task, they were instructed to rephrase the propositional sentences as 
questions (e.g. “Was her daughter too young for the disco?”). The tasks were blocked and there were 
40 trials per block. Task order was balanced over participants and semantic coherence and sound 
quality were pseudorandomized within task blocks. Responses were audio-recorded and scored by 2 
independent raters. The dependent variable was the proportion of words correctly reproduced in 
task-appropriate order.  

Perception of NV speech improves with practice (8), and thus to avoid a learning effect during the 
task, all participants listened to 20 NV sentences while reading the corresponding text before 
performing the tasks. These sentences were not included in the subsequent task. All two hundred 
sentences were presented in a balanced fashion across participants.  No sentence was repeated within 
participant, and all sentences were presented in each condition across participants. 
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2.4 Cognitive test battery 
A cognitive test battery including tests of working memory, inference making ability, lexical access 

speed, and cognitive speed was administered to the participants. 
Size-Comparison Span. Working memory was tested using the Size-Comparison Span test 

(SiCSpan; 9). In the SiCSpan test, series of questions are presented on a computer screen about the 
relative size of two semantically related objects (e.g., is a cow larger than a cat?). A yes/no button press 
response is given after each question and then a target item belonging to the same semantic category is 
presented for retention. At the end of each set of questions ranging in size from two to six, the 
participant is cued to recall all the target words from the set. The dependent variable is the number of 
target words recalled. The maximum score is 40. 

Logical Inference-making Test. Inference-making ability was tested using the Logical 
Inference-making Test (10). Each trial is based on inferring the answer to a question on the basis of two 
statements. For example, “Is a JAL larger than a PONY?”, “A JAL is larger than a TOC.”, “A TOC is 
larger than a PONY”. All information is provided simultaneously on a computer screen. The 
dependent variable was the number of correct responses (max = 16).  

Lexical decision Task. In the lexical decision task (4, 10) participants judge whether three-letter 
strings are Swedish words. Forty items were used: 20 words, 10 pseudowords (i.e. , pronounceable 
letter strings) and 10 nonwords (i.e., unpronounceable letter strings). The dependent variable is lexical 
access speed, i.e. response time in msec. 

Physical Matching Task. The Physical matching task (10) is a measure of cognitive processing 
speed. The participant judges whether two simultaneously presented letters have the same physical 
shape (e.g., A-A), or no, (e.g., A-a). The dependent variable is response time in msec. 

3. RESULTS 

3.1 Experiment 
Mean performance in all four conditions of the repeat and recast tasks is shown in Figure 1.  

 
Figure 1. Mean performance (raw scores) in the repeat and recast tasks with high and low coherence 

sentences presented as clear or degraded. 
 
It appears from Figure 1 that performance is better in the repeat than the recast task, better with high 

than low coherence sentences and when presentation was clear rather than degraded. We tested 
whether this pattern was statistically significant with a repeated measures within subjects analysis of 
variance (ANOVA). Because of ceiling performance for clear high coherence sentences, all scores 
were log-transformed to reduce skew. However, it should be noted that performance was still around 
50% in the most difficult condition (recast task with degraded speech and low coherence). Two 
participants scored under 25% (14% and 19%) and both had higher than average scores on SicSpan, the 
test of working memory. Thus, there is no clear evidence that participants gave up with accumulating 
task difficulty. 
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Results of the ANOVA showed statistically significant main effect of all three factors: Task, F(1,19) 
= 12.99, p = .002, η2 = .41; Coherence, F(1,19) = 97.42, p < .001, η2 = .84, and Sound quality, F(1,19) = 
135.09, p < .001, η2 = .88. Further, there were two statistically significant 2-way interactions: Task x 
Coherence F(1,19) = 5.41, p = .031, η2 = .22, and Coherence x Sound quality, F(1,19) = 51.30, p < .001, η2 
= .73. However, the Task x Sound quality interaction did not reach significance: F(1,19) = 3.33, p = .084, 
η2 = .15, nor did the 3-way, p = .39. Thus, the ANOVA partially confirmed the pattern apparent from 
Figure 1 that performance is better in the repeat than the recast task, better with high than low 
coherence sentences and when presentation is clear rather than degraded. Further, the ANOVA 
confirmed that the benefit of coherence was greater when speech was degraded, p < .001. However, it 
was not confirmed that the effect of sound quality was greater in the recast task. 

3.2 Cognitive test battery 
The results of the cognitive test battery are shown in Table 1. 
 

Table 1. Minimum and maximum scores as well as means and standard deviations (SD) for the 
individual tests in the cognitive test battery. 

 

 

3.3 Correlations 
We predicted that participants with better cognitive skills would make better use of semantic 

coherence when the signal was degraded in both tasks. There was no significant correlation between 
SicSpan (working memory) and experimental performance in any of the conditions. However, 
performance in the repeat task with signal degradation and high coherence correlated significantly 
with inference-making ability, r = .55, p = .01, and performance on the recast task under same 
conditions correlated significantly with physical matching (cognitive speed), r = -.51, p = .02. When 
the speech signal was clear and semantic coherence was low, performance on both tasks correlated 
significantly with cognitive speed: repeat, r = -.48, p = .03; recast, r = -.50, p = .03. 

4. DISCUSSION 

4.1 Experiment 
The results of the experiment showed poorer performance on the recast than repeat task supporting 

our prediction that recasting a sentence as a question is a harder task than simply repeating it. This 
supports the notion that preparing to make a response during communication is more cognitively 
demanding than simply listening. Signal degradation reduced performance across tasks and semantic 
coherence increased it, supporting our predictions that signal degradation increases task demands 
while semantic coherence reduces them. In line with our prediction, the effect of semantic coherence 
was greater in the harder, recast task, suggesting that the top down predictions allowed by semantic 
coherence become more important when the task is harder. This in turn suggests that semantic 
coherence not only reduces the task demands involved in speech recognition but also the task demands 
involved in recasting the sentence. This means that in a communication situation, context is more 
important when it comes to responding rather than simply listening to what someone is saying. 
However, there was no evidence that the same was true of signal degradation; instead, it seems that 
speech degradation simply reduces the task demands involved in speech recognit ion, a process 
involved in both tasks, but does not significantly affect the task of recasting.  

The significant interaction between signal quality and coherence suggests that semantic coherence 
reduced the task demands generated by speech degradation. Thus, semantic coherence not only 
reduces the task demands of recasting but also the task demands of signal degradation. The lack of 
three-way interaction between task, degradation and coherence suggests again although semantic 
coherence influences the additional task demands of sentence recasting, signal degradation does not. 
Thus, bottom-up speech degradation affects perceptual but not cognitive process while top-down 

Units Minimum Maximum Mean SD
SicSpan (working memory) Correct 22 38 31 4
Inference-making ability % 75 100 90 9
Lexical access speed ms 555 1395 832 190
Physical matching (Cognitive speed) ms 472 1146 680 160
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knowledge affects both perceptual and cognitive processes. 

4.2 Correlations 
There were only a few statistically significant correlations between performance on the 

experimental task and the cognitive test battery. In particular, we were surprised by the absence of 
correlations with working memory. This may have been due to the relatively small number of 
participants in the present study but it may also be explained by working memory not being a crucial 
factor for young adults with normal hearing during a listening based task, even when the task is so 
challenging that performance is low (c.f. 11).  

We predicted that participants with better cognitive skills would make better use of semantic 
coherence in both tasks. We found some support for this notion in the significant correlation between 
inference-making ability and performance on the repeat task when the speech signal was degraded but 
semantic coherence was high, and the significant correlation between cognitive speed and 
performance on the recast task under the same conditions. The repeat task may be compared to an 
immediate serial recall task in that all items are to be recalled in serial order. The recast task, on the 
other hand may be compared to a reverse serial recall task in that item order has to be changed on recall 
in a systematic manner. Thus, one tentative interpretation of this pattern of results is that 
inference-making ability is important for serial recall of semantically coherent but degraded items . 
This may be because good inference-making ability facilitates use of context when speech is degraded. 
This should be investigated in future research. Cognitive processing speed on the other hand seems to 
be of the essence for order processing of semantically coherent but degraded items. This may be due to 
speed of processing facilitating the working memory processing that underpins reorder ing of items. 
Cognitive processing speed was important in both the repeat and recast tasks when speech was clear 
but semantic coherence low. When sentence coherence is low, it may be difficult to maintain serial 
order of items and thus, a similar interpretation may be offered here: cognitive processing speed is of 
the essence for order processing during conversation. However, the correlation pattern should be 
interpreted with caution considering the small number of correlations and large number of potential  
comparisons among variables. 

5. CONCLUSIONS 
Audiological testing often includes speech-in-noise testing to determine speech processing ability. 

However, in everyday situations it is more appropriate to generate a response, such as requesting 
clarification, rather than simply repeating a statement you have heard. Therefore, we studied the effect 
of speech degradation and semantic coherence on the ability to provide a particular kind of response to 
a spoken statement, which involved recasting it as a question. In line with predictions, we found that 
semantic coherence was more important when a sentence was recast as a question rather than simply 
repeated and that this effect was greater when speech was degraded. This finding extends the FUEL (1) 
by showing that semantic coherence eases listening effort at both the perceptual and cognitive levels. 
We also found some evidence that cognitive ability was associated with the ability to make use of 
semantic coherence when the speech signal was degraded, as well as with the ability to cope with low 
semantic coherence when speech was clear, in line with the ELU model (2). There was little evidence 
of participants giving up, as predicted by FUEL (1), even in the hardest conditions. Future work should 
further investigate the perceptual and cognitive effects of semantic coherence during speech 
processing in noise, including response generation, and under a range of challenging conditions. 
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ABSTRACT 

The sound environment in schools causes stress, mental and physical fatigue in children and teachers and 

disrupt student learning. Traditional noise abatement strategies mainly focus on reducing noise levels by 

room acoustics techniques. These approaches have some shortcomings 1) they are costly and hard to 

implement in existing infrastructure; 2) they fail to recognize the complexity of noise as a factor with 

both negative and positive aspects; 3) they have a top-down approach offering little opportunity for 

engagement and learning. Implementation of restorative spaces could be a complementary and promising 

avenue to the management of individual noise dose in schools. To date, these kinds of spaces have not been 

extensively studied. Our objective is to study three different restorative spaces in three different secondary 

schools in Quebec. We are documenting their visual/physical and acoustic characteristics, how they are used 

by students (and teachers when applicable), and their perceived benefits. In this paper, we present the 

preliminary results from the study of one of the spaces, the “Zen-room”, in a mixed gender private secondary 

school in Quebec. 

 

Keywords: Noise, Learning environments, Well being 

1. INTRODUCTION 

The quality of learning environments is essential to the academic development of our children and 

to the general health and well-being of both students and teachers [1]. The sound environment of 

schools is alarming worldwide with average sound levels in classrooms far above the recommended 

40-60 dBA for good speech intelligibility [2, 3]. Noise levels in schools cause stress, mental and 

physical fatigue in children, and disrupt student learning with drops in results of up to 30% in some 

tasks [4]. Teachers also report negative health effects of noise such as annoyance, fatigue, voice strain 

and stress. Noise was identified as the most stressful situation at school by 75% of teachers in a 

nationwide French survey last year. The physiological stress reactions generated by noise, combined 

with the high speaking load of teachers, weakens their voice. In fact, voice disorders are developed by 

50% of teachers compared to only 5% of adults in general [5]. Voice disorders in teachers also 

negatively impacts student performance; leads to frequent leave of absence; and pushes 4.2% of 

teachers to consider professional retraining [5]. In addition, with new pedagogies geared towards 

collaborative work, quiet spaces, such as school libraries, are now more likely to become places of 

noisy communication. It is therefore difficult for students and teachers to escape noise during their 
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school day.  

Traditional noise abatement strategies mainly focus on reducing noise levels by using room 

acoustics techniques such as sound isolation and sound absorbing material. Although efficient for 

reducing the overall noise levels, these approaches have some shortcomings. First, they are costly and 

hard to implement in existing infrastructure. Second, they mainly focus on external sound sources and 

fail to recognize that the main sound sources in schools are from the activities taking place in them. 

Third, traditional strategies have a top-down approach offering little opportunity for engagement and 

learning from the students. Recognizing the complexity of noise as a factor with both negative and 

positive aspects, as well as the active part of students and teachers in contributing to the noise is not 

only more realistic, but also opens up to new strategies to manage it.  

For outdoor environments in cities, an alternative approach to noise mitigation called soundscape 

has recently gained increased attention from both academics and urban planners [6]. This approach 

recognizes the critical and complex role that sound plays in our everyday experiences. Sound is viewed 

as an inherent part of the environment that can be a serious nuisance, but it can also support our 

well-being, orientation, focus, and our lasting memories of spaces. Soundscape design has lately been 

focusing on restorative spaces as a novel strategy to manage sound by offering easily accessible areas 

with high-quality soundscape as a way to recover from the negative effect of noise exposure [6]. We 

suggest schools can be viewed as miniature cities, in the sense that they are complex environments 

where individuals with different and sometimes contradictory perception in terms of sound must 

coexist. A restorative space inside the school, available for teachers and students, could be a tool that 

could support the individual in managing their daily noise exposure, and also vocal dose, during a 

school day.  

As a first step in understanding the potential of restorative spaces on noise-related wellbeing in 

schools, it is important to define what a restorative space is. Kaplan [7] defined a restorative space as 

a place to recover from the fatigue caused by the directed attention required by our daily activities. He 

listed four factors a space should contain to make it truly restorative. At the heart of the restorative 

experience lies, according to Kaplan, soft fascination which occurs when the environment provides 

pleasing and interesting stimulation that requires effortless attention. Another important ingredient is 

the sensation of being away, of escaping from the daily routine. The perception of coherence of the 

space (that it forms a whole) and the adequation of the space with one’s own purposes are the two 

remaining factors. Kaplan argues that nature offers these four factors and thus, green spaces in cities 

are often viewed as ideal restorative spaces. There is however little literature on what a restorative 

space in a school setting should be like, or if the same four factors listed by Kaplan are applicable and 

how they would translate in an indoor setting such as a school .  

In this project, we are studying three different spaces that have recently been implemented in three 

different secondary schools in Quebec with the intent of offering a restorative or a tranquil space to 

students and/or teachers. We are documenting their visual/physical and acoustic characteristics, how 

they are used by students (and teachers when applicable), and their perceived benefits. Our intention is 

to better capture the elements that contribute to the restorativeness of spaces in school settings and 

what the benefits of these spaces are.  

In this paper, we present the preliminary results from the study of one of these spaces, the 

“Zen-room”, that is implemented in a mixed gender private secondary school in Quebec.  

2. METHODS 

2.1 General description 

The general description of the spaces was done by semi-structured interviews with key informants 

at the school (principal of the school, teacher, psycho-educator, technical staff). Questions were asked 

about how and when the space was created, why it was created (what was the initial purpose) and if 

there had been any sensitization activity for the use of the space.    

2.2 Visual description  

A visual description of the physical spaces was undertaken by a master student in industrial design 

who visited each room at three different time points (morning, lunch hour, evening) one day when the 

room was not in use, and one day when the room was in use.  The following elements were 

documented by observation: access to the room, colors, luminosity, window view, content and design 

(furniture, decoration, …), volume and capacity, efficiency of space use, materials and textures, 
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aesthetic quality, temperature and scent. 

2.3 Acoustic description 

The impulse response of the Zen-room was measured. Then, sound levels were recorded for 10 

consecutive school days during the winter semester of 2019. A calibrated recording device made up of 

an omnidirectional microphone (Umik-1 from MiniDSP) suspended in the middle of the room and 

attached to a Raspberry Pi (3 Model B+) was used with a specifically designed software (noiseStation 

version 1.0).  

2.4 Habits of use and appreciation of the room 

2.4.1 Real time appreciation of the room 

During the acoustic recordings period, the students using the room were invited to rate their real 

time appreciation of the room on an iPad made available in the room. A rating application was used 

that offered respondents to choose between three levels of satisfaction, illustrated with smileys 

(negative, neutral, positive). The analysis of these ratings is ongoing and will be presented in the full 

paper reporting on the three rooms.    

2.4.2 General appreciation: Users 

A self-assessment questionnaire was used to document how students and teachers use the space and 

what they appreciate about it. The questionnaire was specifically designed for this study and included 

subcategories exploring: 1) characteristics of the respondent; 2) frequency of use; 3) frequency and 

time of use; 4) type of use; 5) perceived atmosphere and sounds; 6) preferred and desired changes.  

2.4.3 General appreciation: Non-users 

A self-assessment questionnaire was also used to document the reasons why students and teachers 

don’t use the space. This questionnaire included subcategories exploring: 1) characteristics of the 

respondent; 2) reasons for non-use; 3) believed reasons for use by others; 4) desired changes. 

3. RESULTS 

3.1 General description 

The key informants for the Zen-room were the school principal and one teacher who was involved 

in the research project. The Zen room was created in 2017, at the same time the library was renovated. 

It was created because the direction felt there were no dedicated quiet space in the school, and they felt 

the need to offer that possibility to students. The precise purpose of the room remains unclear, whether 

it is for studying or relaxing, and the principal of the school acknowledges that there is a need to better 

define it. No sensitization activity for the use of the space has been offered neither to students nor 

teachers.  

3.2 Visual description 

To access to the Zen room, students have to cross the school’s library which has a rather lively 

atmosphere. The Zen room is entered through a transparent glass door. It is not indicated by any sign 

and not visually distinct either, making it difficult to spot if one is not aware of its existence.  

The room can accommodate around 30 people. Its dimensions are 9,1m X 4,2m X 2,7m. It is shaped 

as a narrow rectangle and furnished with rectangular laminated tables and plastic chairs  (figure 1). It is 

painted in grey and white with a plastic floor, conferring it a cold atmosphere. The back wall is covered 

by bookshelves filled with science and history books. The opposite wall is made of transparent glass 

and overlooks the adjacent library, leaving little possibility for intimacy or shield ing from outside 

agitation. One of the long walls is covered with windows, but the orientation of the room does not 

allow direct sunlight in.  

The window view is limited to parts of other concrete buildings and electric pylons, thus 

reinforcing the room’s rectilinear character. The furniture and equipment are fixed and leaves little 

choice to the visitor as to how they prefer to sit. The temperature is rather low, contributing to the cold 

atmosphere. No particular scent was noticed during the observation, conferring a neutral character to 

the room.  
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Overall, the design and aesthetic of the room invites studious activities. However, any sound from 

inside the room is amplified by reverberation and all noise from the library outside penetrates the room 

as well. Thus, although silence was respected by the students inside the room during our visit, the room 

gives a noisy impression. 

 

 

Figure 1 – A view of the Zen room taken from the entrance. 

 

3.3 Acoustic description 

The acoustic analysis of the Zen room is ongoing. The Zen room is a small room with a volume of  

10 m
3
. The measured T20 and T30 at 500Hz and 1000Hz is 0.6s making it quite reverberant for its size. 

The A-weighted one hour equivalent continuous sound level, Leq1hr , from a random day are shown in 

Figure 2. As can be seen, levels vary greatly throughout the day with use. A maximum level of 63.7 

dBA is observed a little after noon. From various recordings over the two-week period that the 

measurements were taken, as well as from answers to questionnaires, lunch time was the time period of 

most use of the Zen room and thus the noisiest time.  

 

 

 

Figure 2 — One hour Leq for a random day of the Zen room  

 

 

3.4 Habits of use and appreciation of the room  

 

3.3.1 General appreciation: Users  

Respondents:  

18 respondents using the Zen room answered the survey (first grade=1 respondent, second grade = 

8, third grade = 2, fourth grade = 1, fifth grade = 6), 7 girls, 9 boys and 2 preferred not to say. On the 
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item “There is a lot of noise at school”, the group mean on a scale of 0 (I don’t agree at all) to 5 (I 

totally agree) was 3.78 (SD=0,98) with all but one participant agreeing at >3. On the item “I find the 

noise in school annoying”, they had a mean of 2.6 (SD=1,24)  with 61% of respondents agreeing at >3 

(see table 1 for a summary of the items rated on the agreement scale) .  

Frequency and time of use:  

Five of the respondents were using the space once a week or more, 6 were using it at least once a 

month, and 6 were using it less than once a month. The room was mostly used during lunch break 

(n=14), but also during classes (n=9). It was rarely used before or after classes (n=5).  

Type of use:  

Most respondents reported using the room with a friend (n=12) rather than alone. Most respondents 

reported feeling serene before they went to the Zen-room (n=9) and after visiting it (n=10). The next 

most frequent mood was nervousness (n=4 before visiting, and n=5 after visiting). One participant 

commented on the nervousness by indicating they visited the room just before an exam. 

The most frequent motivation to use the room was to study (n=12) and find tranquility (rest, 

decompress, find calm, find silence) (n=12), followed by having specific needs (n=5). The most 

frequent activity reported was “doing homework” (n=12) and “reading” (n=8). 

Perceived atmosphere and sounds:  

Respondents were asked to indicate on a scale ranging from 1(don’t agree at all) to 5 (totally agree) 

how much they agreed on the following statements: 1) The room offers an escape of the everyday 

routine, 2) the atmosphere of the room is agreeable, 3) the atmosphere of the room is appropriate with 

regard to the activity I intend to do. They also had to identify how well they thought different 

atmospheres characterized the room. Three items referred to tranquility (calm, monotonous, relaxing) 

and four items related to agitation (animated, dynamic, chaotic, irritating). We regrouped these items 

to form a tranquility score and an agitation score. Mean level of perceived escape was 3,2 (SD=1,37), 

means level of perceived agreeableness was 3.67 (SD=1,19), and mean level of perceived 

appropriateness was 4.11 (SD=1,2). Mean level of perceived tranquility was 3.42 (SD=1,49) and mean 

level of perceived agitation was 2.57 (SD=1,53) (see table 1 for a summary).  

Table 1 – Levels of agreement to items related to general noise perception at school and atmosphere of 

the Zen-room  

 Users (n=18) Non-users (n=20) 

Items * Mean SD Mean SD 

There is a lot of noise at school 3.78 0.98 3.53 0.68 

The noise at school is annoying 2.61 1.24 1.65 1.14 

The Zen-room is:     

 An escape from everyday routine 3.2 1.37   

 Agreable 3.67 1.19   

 Appropriate 4.11 1.2   

 Tranquil 3.42 1.49   

 Agitated 2.57 1.53   

*Respondents rated how much they agreed with the different items on a scale ranging from 

1(don’t agree at all) to 5 (totally agree). 

 

Respondents were also asked to enumerate the sounds they perceived inside and outside the room. 

The most perceived sounds from outside the room were people speaking (n=16) and walking (n=8). 

The most perceived sounds from inside the room were furniture moving (n=13), sounds from 

homework (pen on paper etc…) (n=13), and people speaking (n=11) and whispering (n=12).   
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Preferred aspects and desired changes:  

Respondents were asked to describe, in free text, one aspect they wished to change with the room, 

and one aspect they wanted to keep. Nine respondents mentioned they wanted to bring more silence to 

the room, either by preventing people from talking inside (ex: “people speaking, they’re speaking all 

the time, but it should be silent”) or by better isolation from outside noise (ex: “better isolation, we can 

hear everything happening outside”.) Three mentioned enlarging the room as a desired change, and 

one respondent wished for more relaxing furniture (beanbags, hammocks). Regarding the aspect of the 

room to keep, six respondents mentioned tranquility or silence as the main aspect to keep, while two 

mentioned the tables. 

 

3.3.2 General appreciation: Non-users 

Respondents:  

20 respondents not using the Zen room answered the survey (first grade=14, second grade = 6), 18 

girls and 2 boys. On the item “There is a lot of noise at school”, the group mean was 3,53 (SD=0.68) 

with all participants agreeing at >3. On the item “I find the noise in school annoying”, they had a mean 

of 1.65 (SD=1,14) with 85% of the respondents agreeing at <2 (see table 1 for a summary). 

Reasons for non-use and believed reasons for use by others:  

Most respondents reported not using the room because they’re not allowed to talk inside it (n=9), 

they find it boring (n=6) or that they find there’s no point in using it (n=4). Four answered that they did 

not use it because it was already full when they wanted to. One respondent said the reason for not using 

it was that it was not silent although supposed to be. This respondent also scored a 5  on noise-related 

annoyance. 

We asked non-users what they believed were the reasons for other students to use the room. Most 

believed it was because they wanted to do their homework (n=14), be calm (n=14), be alone (n=12) or 

escape noise (n=8).  

Desired changes:  

We asked the non-users if certain changes to the room could make them want to use it. More space 

(n=13) and a warmer (more welcoming) atmosphere (n=13) were the most chosen changes. Free text 

answers mentioned “dividing the room in smaller individual spaces” (n=3), and “if it really were silent” 

(n=1) (which was expressed by the respondent scoring a 5 on noise-related annoyance). 

4. DISCUSSION 

The Zen-room has been in use for less than two years and is available to secondary school students. 

The purpose of the room has not been clearly stated, other than it is a place dedicated to silence. Our 

visual analysis of the physical environment of the Zen-room reveals that out of the criteria outlined by 

Kaplan [7] for restorative spaces, only one is immediately apparent: the coherence of the room. The 

color palette, the furniture, the design, and the window view even, generate a cold and neutral feeling 

inviting to studious activities. There are no elements in the room providing soft fascination, on the 

contrary, the incoming noise from outside and the reverberance (confirmed by our acoustical analyses) 

as well as the visual noise from the library (visible through the glass wall) appear as disturbing 

elements. Moreover, the design resembling a traditional school environment does not seem to offer an 

escape from the everyday routine. As for the adequation of the room according to its purpose, although 

it has not been clearly defined by the school administration, the answers of users and non-users to our 

questionnaire indicate that it is perceived as a place for studying in quietness. With that in mind, 

although the visual design offers adequation, the noise levels do not. In fact, the sound levels present 

in the room during lunch hour, the moment when the room is used by most respondents, are between 50 

– 63,7 dBA, values falling into the “annoying, irritating” range. This is hardly compatible with the 

vocation of a quiet space favoring cognitive abilities [4]. 

As stated above, although the purpose of the Zen-room has not been explicitly defined, our results 

show that the main reason for students to visit the room for studying and finding tranquility. This is in 

line with the studious character reflected by the visual design of the room. Indeed, users agree strongly 

with the appropriateness of the room for their purpose (Mean=4.11). According to perceived 
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tranquility, there is a higher agreement on the fact that the room is tranquil (Mean=3.67) than on the 

fact that it is agitated (Mean=2.57). Nevertheless, 9 of the 18 respondents wanted the room to be more 

silent. So, although users agree moderately with the statement that the room is tranquil, they still think 

that this aspect could be improved. This perception is supported by our acoustic measurements. 

Further, six respondents also expressed that tranquility or silence were the aspects they absolutely 

wanted to keep in the room. These comments show that quietness is indeed an important and desired 

feature of the Zen-room although it is not that well achieved right now. Regarding the “escape” aspect 

of the Zen-room, students agreed moderately that it offered an escape from daily routine (Mean=3.2), 

however, since most users visit the Zen-room to study, it is reasonable to question if the sense of 

escape is important to the adequation of the room. 

To better understand the role of the Zen-room in the school, we also wanted to document how 

students who are not using it perceive it, and why they don’t use it. The group of non-users differs from 

the group of users regarding several aspects but most interesting is that while both groups have a 

similar level of agreement with the fact that there is much noise in the school (Mean=3,78 for users and 

Mean=3,53 for non-users), the non-user group agrees less than the user group on the fact that the noise 

is annoying (Mean=1.65 for users versus Mean=2.6 for non-users). The fact that the group of 

non-users is not that much annoyed by the noise can explain why they do not seek out the Zen -room. 

Most non-users’ understanding of the Zen-room is in line with how it is used. They believe students 

use it to study, be calm or alone and escape noise. The main reason why they do not use the room is 

because it is not in adequation with their own purposes (for example wanting to talk to friends).  

5. CONCLUSIONS AND FUTURE DIRECTIONS 

In conclusion, the Zen-room does not answer to the four criteria listed by Kaplan for a restorative 

space. The question is if the Zen-room is to be considered as a restorative space. As the principal of the 

school admitted prior to the study, the purpose of the Zen-room has not been explicitly defined. 

Nevertheless, both users and no-users perceive the Zen-room as a place to study and where silence is 

desired. Today, at this school, the library has been transformed into a collaborative space where there 

is a lot of animation during lunch hours and the Zen-room seems to have overtaken the traditional role 

formerly assigned to the library. Rather than a truly restorative space, offering soft fascination and a 

sense of escape from the daily routine, the Zen-room offers a visually coherent environment for 

studious activities, and aims towards offering a tranquil and quiet auditory space. The auditory 

quietness is however not reached, as shown by our acoustic measurements and the  users’ feedback on 

our questionnaire.  

The analysis of the results from the two other room we are studying is ongoing and these will be 

contrasted to the present results to increase our understanding of restorative spaces in schools.  
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ABSTRACT 
Nursery facilities in Japan have recently been experiencing problems with their sound environments, such 
as insufficient sound absorption and high volume of generated sound. We therefore examined some 
approaches to creating an acoustic environment that supports communication in the classroom. As a result 
of addressing room acoustics by installing materials with an average sound absorption coefficient of 0.25 or 
more in the classroom, both the impression of the sound and the teacher’s reported ease in listening to 
children’s voices when many sounds were generated was improved. To address users’ minds, we conducted 
a workshop for 5- to 6-year-old children and their nursery teachers to make them conscious of the daily 
sound environment and to instruct them in how to identify pleasant sounds and to allow them to experience 
the corners of the room, treated with sound absorption materials. As a result, the children and preschool 
teachers came to understand that unnecessarily loud speech led to environmental noise, and that they could 
relax and enjoy sounds in spaces surrounded by sound absorption materials. 
 
Keywords: Acoustic environment, Preschool facility, Sound absorption, Workshop for children 

1. INTRODUCTION 
In early childhood, when mental and physical development is critical, creating the right 

environment for supporting smooth communication is an important consideration. In Japan, acoustic 
environmental issues such as noise or persistent reverberations exist in early childhood education 
facilities (1). These are some of the factors that disrupt communication between children and 
preschool teachers. It has been reported that the installation of sound absorption materials in 
classrooms is an effective method to mitigate noise (2) and improve speech intelligibility (3).  

We have previously reported on the influence of sound absorption conditions on childcare 
activities (4). In this paper, we consider the acoustic environment and its influence on 
communication between children and preschool teachers. 

Based on this, we present a practical approach for changing room acoustics and users’ minds to 
improve the sound environment in order to support communication at nursery facilities. We 
investigated the impact of these approaches on communication and educational activity from various 
perspectives. 

2. METHODOLOGY 
Our research was conducted at two nursery facilities where the teachers have had conscious of 

problems with the sound environment. The facility outlines are presented in Tab.1. 
At S Kindergarten, our approach addressed room acoustics. Rock wool sound absorption board 

was already installed on the ceilings of the classrooms. However, one classroom used to teach 
4-year-olds was a converted warehouse and no sound absorption materials had been installed. The 
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2 uenok@meiji.ac.jp 
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class teacher was concerned about sound reverberation, and so this class was targeted.  
At U nursery school, our approach involved addressing users’ minds. At this facility, large rooms 

were used for a variety of age groups. The corners of the rooms are set up for different activities. 
Although the sound absorption efficiency of the rooms was high, the teachers had a problem in terms 
of overall noise levels when all 80 children (including 3-, 4-, and 5-year-olds) were active. Therefore, 
in order to think a comfortable sound environment with the children and to address the problems 
described by the teachers, we made the corners of this room and ran a workshop for children. 

 
Table 1 – Outline of the facilities 

 S kindergarten U nursery school 
Background 
information 

School corporation, established in 1956, Kanagawa 
prefecture 

Social welfare corporation, established in 
1954, Saitama prefecture 

Architecture 

Built in 1978, repaired in 2013 
Structure: Reinforced concrete 
Location: Residential area, adjacent to university and temple 
[Classroom] Floor space: 51.6 m², Ceiling height: 2.4 m, 
 Ceiling finish material: Rock wool sound absorption board 

(Except for target room A which contained a decorated 
plaster board ceiling) 

Built in 2011 
Structure: Reinforced concrete 
Location: Residential areas, adjacent to temple 
[Classroom] Floor space: 215 m²,  
 Ceiling height: 2.4 m, Ceiling finish material: 

Perforated gypsum board  

Number of 
occupants 

Staff (preschool teachers): 25 (14) 
Children (3, 4, 5 years old): 288 
Each one of the three grade 3 classes 

Staff (preschool teachers): 33 (24) 
Children (0-5 years old): 150 
Multi-age class (0, 1 / 2 / 3, 4, 5 years old) 

3. AN APPROACH TO CHANGING ROOM ACOUSTICS: A FIELD EXPERIMENT 
INVOLVING THE INSTALLATION OF SOUND ABSORPTION MATERIALS 

3.1 Experimental methodology 

3.1.1 Experiment procedure 
An outline of the target room is shown in Fig.1. In this experiment, in order to find the most 

effective sound absorption conditions for the classroom, we set up four different arrangements. The 
experiment schedule is shown in Tab.2, the experimental conditions are shown in Tab.3, and a 
photograph of the installation is shown in Fig.2. 

 
	 

	 

	 

	 

	 

	 

	 

	 

    (a) Floor plan      (b) Original state of the classroom 
Figure 1 – Outline of classroom A 

 
Table 2 – Experiment schedule 

Schedule Condition Survey 
Oct. 17th, 2017 – Oct. 31th	 	 	 	  A [1] Survey for condition A1 (prior to installation -1) 

  Installation of sound absorption materials 
Nov. 6th – Nov. 17th B [2] Survey for condition B 

  Removal of some of the sound absorption materials 
Nov. 20th – Dec. 1st C [3] Survey for condition C 

  Removal of all the sound absorption materials 
Dec. 4th – Dec. 14th 

Jan. 15th, 2018 – Jan.19th 
A [4] Survey for condition A2 (after removal) 

[5] Survey for condition A3 (prior to installation -2)   Installation of sound absorption materials 
Jan. 22th – Feb. 2nd D [6] Survey for condition D 
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Table 3 – Experimental conditions 
Condition A B C D 

Installation area (Ceiling) [m2] 
Installation area ratio 
Number of POLYWOOL® pieces installed  
(170*400*50 mm, Fukoku Co., Ltd., a porous 
sound absorption materials made of polyester)  

 

22.8 
44.3% 

336  

3.1 
5.9% 

45 

7.5 
14.5% 

110 

Reverberation time (1 kHz) [s] 0.77 0.36 0.54 0.44 
Avg. sound absorption coefficient (1 kHz) 0.14 0.30 0.20 0.25 
	 

Condition A (average sound absorption coefficient α = 0.14) did not involve the installation of 
sound absorption materials, condition B (α = 0.3) involved the installation of the maximum possible 
amount of sound absorption material, condition C (α = 0.2) involved an installation that was 
equivalent to the recommended values for school classrooms, and condition D (α = 0.25) was 
midway between conditions B and C. In order to facilitate the preschool teacher’s evaluation of the 
installation’s suitability for educational activities, we changed the installation to match the Japanese 
recommended values for school classrooms after first presenting conditions that made it easy to 
detect changes in the acoustic environment.	 
3.1.2 Survey method 

To verify the effectiveness of the sound absorption material installation, an acoustic environment 
survey, an observational survey, and an interview with the preschool teacher were conducted.  

The acoustic environment survey involved capturing the characteristics of the acoustic 
environment by listening to and analyzing the generated sound. The sound was recorded using a 
sound level meter microphone (RION NL-42) and a recorder (OLYMPUS DS-901). In the 
observational survey, observational records and video data were acquired. The characteristics were 
organized according to the particulars of the acoustic environment, the state of communication 
between the children and the preschool teacher. The interview was conducted with the preschool 
teacher in room A (T(a)). During the experiment, we asked her about her impression of the acoustic 
environment and its influence on the activities performed in the class. 

3.2 Results 
3.2.1 Effects of installation changes on the acoustic environment 

In this section, the improvements in the acoustic environment were extracted from reference (4) 
and outlined. The typical daily sound levels (LAeq, 1min) prior to the experiment are shown in Fig. 2 
along with some photographs of the types of activities taking place at each station as shown in Fig. 3.  

 
 
 
 
 
 
 
 
 
 

Figure 2 – Changes in sound pressure levels (LAeq, 1min) and type of associated activity occurring in room A  
 
 
 
 
 
 
 
 

 (a) Lunchtime     (b) Free play 
Figure 3 – Types of activities  

90 
85 
80 
75 
70 
65 
60 
55 

L A
eq

,1
m

in
 [d

B
] 

10:00         11:00         12:00         13:00         14:00 

Free play Lunch à Free play Class gathering, Reading picture book Class activity 

Figure 2 – Condition D installation 

4124



 

 

In free times, such as play and lunch, sound was generated simultaneously and frequently, and the 
level was as high as 80-85 dB. At the storytelling situation, the sound levels were less than 70 dB, 
creating an environment where the children could listen quietly. 

Based on these characteristics, in order to analyze the noise mitigation effect of the installed 
sound absorption materials, we analyzed the lunchtime and free play times after lunch. Fig. 4 shows 
the frequency distribution for LAeq, 1min under each condition (A: [1] prior to installation -1). 
	 

	 

	 

	 

	 

	 

	 

	 

	 

(a) Free play       	 (b) Lunchtime 
Figure 4 – Frequency distribution for the A-weighted sound pressure levels (LAeq, 1min) 

 
In both activities, it could be confirmed that for [2] B and [6] D, the distribution of low sound 

pressure levels was large as the sound absorption efficiency was high, and in [1] A and [3] C, the 
distribution at high sound pressure levels was large. It could be concluded that the sound absorption 
efficiency effectively reduced the noise levels for an average sound absorption coefficient of 0.25 or 
greater when sounds were simultaneously and frequently produced. 
3.2.2 Influence on communication 

In this section, we will discuss the acoustic environment’s influence on communication in terms 
of the results of the interviews (4) and the observational surveys. In the interview, we asked about 
the teacher’s impressions of the acoustic environment, the behavior of the children, and the acoustic 
environment’s influence on the teacher’s educational activities. The interview results regarding the 
influence on communication are listed in Tab.4. 

 
Table 4 – Results from the interviews with preschool teachers 

 
 

Condition Influence on communication 
[1]○ , [4]●  
A (𝛼=0.14) 

〇T(a) experienced discomfort within the acoustic environment but did not experience any particular 
influence on her educational activities. 
●The children’s speech became louder so as to be heard over the background noise. 
●T(a) could not discern the children’s voices at play time, although she was aware that they were 
speaking. 
●T(a) was less able to use sound levels than when she was exposed to condition C. 
●The number of times the piano was used to signal clearing up increased compared to condition C. 

[2] B (𝛼=0.3) •T(a) became able to discern the children’s voices during free play.  
•T(a) became able to add sound intonation. (Use of the piano, voices intonation during storytelling, etc.) 
•It was easy for children to sing and they could sing with meaningful lyrics. 
•At play time, an activity was held during which the children enjoyed conversations, such as talking 
secretly or speaking to people at a distance. 
•The children were able to listen to T(a)'s voice and were able to understand it well. 

[3] C (𝛼=0.2) •Children's voice grew louder. 
•The children’s voices became difficult to hear. 
•T(a) led the children playing with the instrument to another play. 
•T(a) tried to suppress the intonation of the sound because of the excess reverberation. 
•The number of times the piano was used to signal clearing up increased. 
•T(a) had to alert the children about the loudness of their voices more often 

[6] D (𝛼=0.25) •At play time, T(a) felt that the children were interested in another play in a different place. 
•At play time, T(a) could more easily pay attention their play in remote areas and react to them. 
•T(a) felt that the ease of storytelling and music activities was identical to Condition B. 
•The children and T(a) were able to enjoy the sound of playing. 
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In the interview, T(a) indicated that the sound levels caused hearing discomfort and were noisy 
under conditions A and C. However, under conditions B and D, the hearing discomfort was 
eliminated, and the sound could be clearly discerned and their impression of the acoustic 
environment improved. These points were identical for the observer. Under the conditions A and C, 
the high-pitched sounds made by children playing with toys were amplified, and the voices of 
children also appeared to grow louder. Hearing discomfort was experienced under such 
circumstances and it was difficult for the participants to talk. We could not hear children speaking in 
close proximity to us when at play, and we had to rely on visual information to decode their behavior. 
On the other hand, in conditions B and D, there was no associated hearing discomfort and it was an 
environment in which we could listen to sounds and voices even at a distance. 

The influence on communication was mentioned in terms of its effects on vocalization, listening, 
behavior, and educational activities. Under conditions A and C, the children's voices tended to be 
loud, and the teacher used a method to draw their attention that did not rely on raising her voice, such 
as using the piano to create a signal tone. At the free play, the teacher could not hear the children’s 
voices and speech intelligibility was thus poor. On the other hand, in conditions B and D, both the 
children and the teacher were able to listen to each other's voices, and communication appeared to be 
smooth. It was proposed that this was because the speech transmission performance was improved by 
the reduction of the noise levels and the improvement of the sound absorption efficiency. In addition, 
it was mentioned that it became possible to communicate for enjoyment of the sound, such as 
engaging in sound play, storytelling, and music activities. Tab. 5 described a specific case example 
that was indicative of the acoustic environment’s influence on educational behavior. 

 
Table 5 – Specific case example of educational behavior at the play station under condition D  

An example of a popular play amongst the children was sending letters. One child (C(a)) drew a picture on a piece of paper 
and handed it to another child (C(b)), but C(b) would not receive it because C(b) did not understand that it was a letter. When 
T(a) was interacting with another child at a distance, she heard the dialogue. Therefore, T(a) prepared some pieces of papers 
by drawing a picture of an envelope on it in support of the letter play. According to T(a), she had always wanted to hear the 
children’s voices but she had not been able to listen to any voices other than the children she was directly speaking with. 

 
In this case, the improvement of the acoustic environment led to educational action in terms of the 

proposal of new material for play. In other words, the speech intelligibility improvement made it 
possible to pay attention to each conversation and grasp the content of multiple, simultaneous 
conversations. Thereby, it became possible for the teacher to intervene in communication between 
the children as required. Since preschool teachers always act on a holistic understanding of the 
situation, environments where the voice can be heard support the behavior of the preschool teacher in 
terms of listening to the voices of children and assisting them. The outcome of such activities is an 
improvement in the communication between the children and the preschool teacher, considered to be 
of great educational importance. In addition, in a better acoustic environment, it was also found that 
the teacher could determine own behavior such as returning words or watching over, and the children 
would thus play more calmly as a result of the teacher’s change. It was suggested that the 
improvement of the acoustic environment would support the preschool teachers as they make such 
immediate situational judgments.  

4. USERS’ MINDS APPROACH: SOUND ENVIRONMENT WORKSHOP FOR 
CHILDREN  

4.1 Outline 

4.1.1 Pre-workshop trial 
Prior to the workshop (WS), we prepared the corners of the room suitably for the planned 

activities in terms of the acoustic environment. Specifically, sound absorption materials were 
installed to create quiet places in a large, lively room. The schedule of activities is shown in Tab.6, 
and the corner installations are described in Fig.5. Two types of sound absorption materials 
(POLYWOOL®: 50mm, a porous sound absorption materials made of polyester, Fukoku Co., Ltd. 
and TAFNEL™: a long fiber nonwoven fabric, Mitsui Chemicals Inc.) were used. The corner 
installations were completed by installing the sound absorption materials in the corner or creating a 
space surrounded by sound absorption materials (such as the small space (5)). In each phase, 
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interviews were conducted with 3 teachers (the director, the chief teacher, and the teacher assigned to 
the 5-year-olds’ class) for evaluation, and the results were fed back to this trial. 

 
 Table 6 – Schedule of trial 

Schedule Trial 
Mar., 2018	 	 	 	  First visit, measurement of reverberation time and sound pressure levels 
Apr. – Oct. Site meeting and making corner. 

Oct. 31th  Reflection of making a corner, WS meeting 
Nov. WS planning and preparation 

Nov. 21th 1st WS 
Nov. 27th 2nd WS 
Dec. 10th Interview after WS 

Dec. – Feb., 2019 WS follow up 
	 

	 

	 

	 

	 

	 

	 

	 

	 

 (a) Floor plan     (b) Relaxation corner: (c) Free corner:    (d) Picture book corner: 
      Small space for an individual child        Small space for multiple children 

Figure 5 – Corner arrangements 
 
The relaxation corner and the picture book corner were noted as appearing to induce a sense of 

calm because of the surrounding sound absorption materials, and were used willingly. On the other 
hand, the purpose of the small space for some children was unclear (Fig. 5 (c)), so it was necessary to 
discuss its use. After assessing the corners, the staff pointed out the need to consider how to control 
the liveliness of the children's voices and how to use the corners in interacting with the children. 
Therefore, a WS was organized as an opportunity to consider the enhancement of the level of 
comfort of the sound environment. 
4.1.2 Outline of the WS 

We ran the WS to encourage children and teachers to review their daily environment along with 
their actions and their indoor spaces, focusing on the sound environment. The program on the day of 
the WS is shown in Tab.7.  

 
 Table 7 – WS program: “Let’s think about comfortable sounds!” 
[1st WS] Aim: Pay attention to the sound environment. Know the 

differences in how they experience sound with others. 
[2nd WS] Aim: Experience the 3 corners and explore 

how to remain there and enjoy the sounds 
1) Greeting, Introduction (10min.) 1) Greeting, Introduction (10min.) 
2) Experience: Overall activity (40min.)  
X: Listening to the sound (Sound quizzes, talking about their most 

and least favorite sounds) 
Y: Think about noise pollution (After listening to the recorded 

lunchtime sounds, responding to the sound by raising their hand 
if they think it's unpleasant to hear the sound volume rising) 

Z: Think about how to act in response (Try to act with pleasant 
sounds using VoiceScale (6)) 

2) Experience: Group activity (40min.)  
x: Relaxation corner (Enter the small space alone and 

play the sound of a pleasant musical instrument) 
y: Sound laboratory (Learn how to make sounds with 

musical instruments, discover pleasant sounds)  
z: Picture book corner (Listen to picture books, enjoy 

reading aloud paying attention to the volume of the 
voice.)  

3) Conclusion (10min.) 3) Conclusion (10min.) 
 
The WS was conducted twice (Nov. 21th, 27th) in the morning on typical days. The participants 

included 26 5-year-old children, 3 teachers, and 5-6 WS staff. The first WS was an opportunity to 
discuss comfortable sounds while sharing in the experience of listening to and producing sounds with 
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all participants. At the second WS, the participants were divided into three groups and experienced 
three corners at which they could relax, enjoy sounds, and enjoy picture books. Then they considered 
how to remain there. The WS staff asked the children how to remain comfortable, and tried to 
explore the pleasant sound environment with the children. After the WS, we conducted a 
questionnaire and interviewed the 3 teachers, asking them to evaluate the WS and the changes in the 
children and preschool teachers subsequent to the WS. 

4.2 Result 
Based on the experiences at the WS and the results of teacher surveys, we could evaluate the WS. 

Some scenes from the WS are shown in Fig.6 and 7, and the WS activities are described in Tab.8. 
 

 

 

 

 

 
(a) Y: “Raise your hand if you think it’s noisy”  (b) Z: “Let's stack dishes making a pleasant sound” 

Figure 6 – Activity situations from the 1st WS  

 

 

 
	 

	 

	 

 (a) x: Relaxation corner     (b) y: Sound laboratory     (c) z: Picture book corner  
Figure 7 – Activity situations from the 2nd WS 

 
 Table 7 – Situation of WS activities 

1st 

X ･Many children answered quiz questions and shared their feeling of least favorite and most favorite sounds. 
･The consensus was that there was a variety of feelings associated with sounds. 

Y ･The children listened to the typical, recorded lunch time sounds and concluded that loud voices cause noisy.  
･It was difficult to experience the loudness because the recorded sound and the voices emitted during the WS overlapped. 

Z 

･Both children who were taking part in the activity and those who were watching focused on being quiet while 
becoming aware that the display changed in accordance with the sound volume. 

･Some statements from the children included: "I thought it was good because they were kind voices", and: "I thought 
it would be good to treat dishes carefully". 

2nd 

x 
･The children entered the small space alone and had to work out how to play a pleasant sound and listened to it attentively. 
･The preschool teacher told to the children that the sound generated by them was gentle and felt that it was an 

opportunity to spend time alone and to explore the pleasant sound. 

y ･Proposing a method of using sound that was different from the usual practice promoted exploration in order to find 
pleasant sounds. 

z ･It was commonly understood as a place to calmly read picture books and to enjoy reading aloud. 
･The children appeared to concentrate on the picture books while relaxing. 

 
In the 1st WS, “listening to the sound” was the common activity, and children and teachers 

discussed their favorite sounds, comfortable sounds and noisy sounds together. For children, 
listening to the sound of their daily activities and watching other children doing the activities seemed 
to be an opportunity to consider and reflect on their own behavior patterns. In the 2nd WS, the corner 
experiences helped participants to think about how to remain from the point of sound (x, z) and to 
enjoy listening to and generating sound (y, z). It seemed that it was appreciated as an opportunity for 
children to reflect on how to use the corner and to explore how to enjoy playing with sound. It also 
seemed that the preschool teachers benefitted by gaining a new point of view from their experiences 

Ω Ω
Ω
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in the corners in terms of experiencing speech methods and sound enjoyment, and the effects of 
sound absorption materials. The teachers indicated that they were satisfied as a whole. 

In the interview after the WS, the teacher indicated that the children had begun thinking about 
pleasant sounds and acting on these thoughts, leading to behavior such as advising the teacher not to 
use a loud voice or devising and playing instruments during music activity times. In addition, it 
seemed that the teachers also considered their response and were eager to use sound as a basis for 
future educational activities. In addition, the three proposed corners became quite popular, and 
teachers indicated that they would like to continue using them. In addition, one of the responses was 
that "by listening to the sounds that the children liked, we were able to deepen our understanding of 
how the children were experiencing their daily activities". This was considered a possible method of 
leading the children in their growing understanding through the use of sound. 

From this exercise, the children and preschool teachers understood that unnecessarily loud speech 
led to noise, and that they could relax and enjoy sounds in the spaces surrounded by sound absorption 
materials. The activities presented in the sound experience WS were an opportunity for users to 
reflect on their daily sounds, become aware of pleasant sounds for themselves and others, and to 
consider creating a pleasant sound environment. In other words, the approach involving users’ minds 
was thought to have led to improvements in their communication.  

5. CONCLUSIONS 
This study’s aim was to improve the sound environment to support child–teacher communication 

in nursery facilities. We approached this in terms of both room acoustics and users’ minds, and 
examined how they both affected communication. In terms of room acoustics, it was proposed that 
the improvement of the sound absorption efficiency made it possible to improve the quality of their 
communication in situations where sounds were emitted simultaneously, enhancing the educational 
behavior. In terms of users’ minds, through mutual experience of the sound environment, the 
children and preschool teachers came to understand that unnecessarily loud speech led to noise, and 
that they could relax and enjoy sounds in the spaces surrounded by sound absorption materials. It 
was proposed that an improvement in awareness of the sound environment changed user personal 
behavior patterns and introduced the preschool teachers to new perspectives on education in terms of 
the creation of environments and associated educational activities. 

It was thus suggested that the sound environment exerted diverse influences on preschool 
activities, and improvement of the acoustic environment enabled superior communication. 
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ABSTRACT 
In a previous study, the noise levels in classrooms and lecture halls at the University of Sharjah (UOS), United 
Arab Emirates (UAE) were identified as high and in many cases above the standard limits. To assess the 
effect of such high noise levels on students, we have conducted a campus-wide subjective survey to 
investigate the effects of such noise on students’ learning experience. The survey aimed at gauging students’ 
perception of noise levels at various classrooms and impact of noise levels on students’ academic 
performance. The results showed that students were able to reliably identify the acoustic conditions that 
interfere with their learning. Strong correlations (R2 = 0.87) between the background noise and persistent 
noise and its influence on voice sensitivity. Correlations between noise levels and degree of annoyance 
showed strong relationship between noise levels and percentage of highly annoyed respondents. More than 
60% of the students felt that noise interfered with their learning and had an impact on their achievements 
with no gender bias, but at lower percentage for advanced classes. In addition, the results indicate that 
students were not comfortable with the noise in the classrooms including the background noise arising from 
various internal as well external sources. 
 
 
Keywords: Noise Levels, Classrooms, Students’ Perception, Annoyance 

1. INTRODUCTION 
Among the challenges facing postsecondary institutions in recent years is the high students’ 

expectations related to their experience during their student journey (1). Among the factors that have 
been identified to contribute to students’ experience including lecture delivery, teaching and learning 
resources, incorporating latest technological advances into teaching and learning as well as support 
services. In addition, and more relevant to the research presented in this paper, is the overall wellbeing 
of the students that include their satisfaction and comfort with the teaching and learning environment, 
i.e. classrooms comfort. The latter has been identified to be influenced by factors such as thermo-
hygrometric, acoustics, and lighting conditions of indoor environments (2). While all factors are 
important, classroom acoustics have received considerable attention in recent years. It has been 
identified to have an impact on student comprehension and understanding of the material presented 
during the class and hence negatively affect their academic performance (3,4). Poor acoustics were 
found to exacerbate the harmful effects of noise and distract students’ attention in class (3-5). Several 
researchers have reported that noise has negative impact on the learning capacity of students (4). In 
addition, it has been demonstrated that acoustically comfortable environment enhances the 
productivity of workers; a finding that can be extended to teaching and learning environment as well 
(6). Acoustic comfort becomes even more important in interactive learning environments such as 
discussion-based, Team Based Learning, etc., where communication among students and instructors 
is significant. In a recent study conducted at the University of Helsinki, it was highlighted that students’ 
experience in an indoor environment significantly affects their learning (7). Different classrooms and 
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learning spaces in general requires special acoustical performance. Acoustic attributes within the 
classroom, which included acoustic absorption and highly reflective walls, all affect the learning 
process through hindering students’ capacity to hear and communicate with each other and the 
instructor. Poor classroom acoustics lead to increase in noise (unwanted sound), which arise from 
reflections from classroom surfaces. It tends to disrupt discussions because of high reverberation times 
within the classroom. Published literature have reached a common conclusion that classroom acoustics 
should be flexible and controllable and background noise must be minimized to promote various 
teaching and learning activities.  

Classroom acoustics can be evaluated using several variables such as equivalent sound levels, LAeq 
(in dBA), reverberation times, absorption and transmission noise index. Noise, which is defined as 
unwanted sound, is determined by other factors most of which are subjective and depend on the 
perception of the person. In teaching and learning environment, in addition to measuring the acoustic 
attributes, it is very important to gauge students’ perception of the noise levels within the learning 
environment and its impact on the learning process. To investigate this, one needs to determine 
students’ perception of the acoustics (acoustic comfort) within the learning environment, particularly 
the lecture halls. To effectively achieve this, we conducted an online subjective questionnaire, which 
comprised of nineteen questions designed to capture the effect of noise on the teaching and learning 
process through the students’ perception and satisfaction (acoustic comfort) with the acoustics within 
the learning environment. It is therefore the goal of this study to evaluate students’ perception of noise 
in classrooms at the University of Sharjah, United Arab Emirates (UAE) and investigate possible links 
it may have on their academic performance. In addition to onsite measurements of noise levels (dBA) 
within the classrooms, an online survey was conducted across campus to gauge the students’’ 
perception of noise in university of Sharjah classrooms.  

 

2. MATERIALS AND METHODS 
To effectively assess students’ perception of noise in UOS classrooms, we first measured noise 

levels in classrooms covering variations in classrooms sizes, dimensions and acoustics attributes, e.g. 
insulation, location, seating arrangements. The measurements included background noise, noise levels 
during the actual classroom as well as the reverberations times for each classroom. The objective was 
to correlate noise levels (both background and noise during the lecture) to the results of the subjective 
survey on students’ perception of noise in UOS classrooms. As described in our previous work (8), 
noise level measurements were conducted in each classroom by carefully selecting a number of points 
within the classroom to avoid standing wave locations. This was easily achieved by moving the sound 
level meter around the classroom and look for optimum points. The sound level meter (Sound Level 
Meters Nor132) was placed at each point to measure the background noise as well as noise during the 
lecture and the reverberation times. Before each measurement, the sound level meter was calibrated 
using known source, which was supplied by the manufacturer. While the reverberations times were 
measured in seconds, the noise levels were measured in dB(A), which is an A-weighted sound levels 
used to approximate human hearing by simulating the sensitivity of the average human hearing.  

 
The survey questions were divided into three main parts, the first of which contained general 

demographic questions, i.e. age, college, year of study, type of the lecture. The second part of the 
survey questionnaire focused on noise related questions. These included hearing problems, seating 
within the classroom, classroom size, lecture type and instructor voice level. The last part of the survey 
focused on students’ perception of noise and its impact on teaching and learning in the classroom. The 
questions focused on annoyance due to internal as well as external noise sources. In addition, students 
were asked to rate the noise and it impact of their understanding and comprehension of the material 
covered in classes. Concluding questions on students’ perception and satisfaction of classroom 
acoustic environment were stated clearly to gauge their feeling towards noise within the classrooms. 
In total, there were nineteen questions, all of which were required to answer. The survey was designed 
and drafted using Microsoft Forms and emailed to all UOS students who were taking classes in the 
selected classrooms (about 10 000 students) via the UOS intranet. Students can access the survey 
using their UOS login credentials. The questions were translated to Arabic and explanations to 
acoustic terms were provided to avoid misinterpretation of questions. Figure 1 shows examples of 
questions conducted in the survey. 
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Figure 1 – Sample questions from the distributed survey 

3. RESULTS AND DISCUSSION 

3.1 Noise levels and reverberation times measurements 
The study focused on six classroom covering different types of classrooms used in UOS from the 

point of view of size, dimensions and functionalities. Background noise level measurements as well 
reverberation times were carefully measured/calculated following international protocols taking into 
account acoustic attributes for each classroom. The results are indicating that while the background 
noise levels ranged from 34 – 52 dB(A), noise levels during the lecture ranged from 59 – 72 dB(A). 
Reverberation times were also measured in empty classrooms. The results are shown in Figure 2.  

 
The above results indicate that the reverberation times ranged from 0.54 to 1.2 s, which exceeded 

the limits set by the American National Standards Institute (ANSI), which is set at 0.6 s. Rooms with 
large volumes consistently had longer reverberation times as shown in Figure 3. Background noise 
level measurements reveled that only three lecture halls had backgrounds less than 35dBA, and none 
had reverberation times lower than 0.4 seconds. The rest of the halls exceeded the recommended 
background limits, especially rooms where the HVAC system was on. These results will be discussed 
later when correlating the responses of the students. 
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Figure 2 – Reverberation times as a function of classroom volume  

 

3.2 Results of Acoustic Satisfaction Survey 
As mentioned above the survey was sent by email to over students taking classes on the main UOS 

campus. One thousand eight hundred and thirty-four students (n=1834) responded to the survey (23% 
return rate). Among the 1834 respondents, 76% of which were female students distributed among the 
various university colleges. It should be noted that classrooms at the University of Sharjah are shared 
by all colleges and there are no college-designated classrooms. The female dominance is characteristic 
of the University demographics where more than 64% of the students are females. The respondents’ 
age was dominated by the age group 18-23 years of age as expected. Even though the official language 
of instruction at the University of Sharjah is English, 84% of the respondents reported that they take 
classes in English, which is not their native language. The survey revealed that 96% of the students 
who took the survey do not have any hearing problems. In addition, it was noticed that students’ 
answers did not depend on class/major. Regarding the student’s seating in the classroom, 47% were 
seated in the middle of the classroom, 35% up front and the remaining 22% sat at the back of the 
classroom. As expected, the majority of the students felt the large theaters were the noisiest among 
UOS classrooms, which varied from small (seating up to 40 students) to large (seats up to 100 
students). When students were asked about the main source of noise that effects their concentration 
or instructor voice clarity, their responses vary as indicated in the Table 1.  

 
It is clear from the above results that noise outside the classrooms seem to be the highest among 

noise sources and annoyance, instructor’s position in the classroom (15%) and her/his voice (20%) 
also interfere with students’ ability to concentrate during the lecture delivery. In a follow-up question, 
respondents identified the main source of annoyance within the classroom to be noises from HVAC 
system and construction outside the classrooms. Overall, the students positively evaluated their 
classrooms in categories acoustics and echo, showing that they are adequate learning environments. 
However, students had negative reactions when asked about noise in the classroom. Students reported 
that noise causes discomfort, exteriorized by aggravation and lack of concentration, as well as 
consequences on learning (Figure 2). When students were specifically asked to evaluate the 
interference of noise with the teaching and learning process, several difficulties were made clear. 
These included unclear instructor’s voice and, which limited their understanding of the material and 
negatively impacted learning outcome and grades.  

 
The last two questions in the survey focused on noise annoyance within the classroom. Students 

were asked to rate their level of satisfaction with classroom acoustics and noise annoyance. Both 
questions used scale of 1 (extremely unsatisfied) – 10 (extremely satisfied). In the case of annoyance, 
1 (extremely annoyed) – 10 (not at all annoyed). In Figure 5, we see that both acoustic satisfaction 
(comfort) and noise annoyance are correlated with R2=0.839. Lastly, noise annoyance was examined 
in light of the noise levels (in dB(A)) in the examined classrooms. 

 

y = 0.002x + 0.1704
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Figure 3 – Students’ reaction when faced with classroom noise (students were allowed to select 

more than one option) 
 
 

Table 1 – Why do you think it is hard to hear and concentrate in the classroom? 

Option Respondents 

The instructor is too far away from the students 269 (15%) 

Because of echo in the classrooms 185 (10%) 

Instructor's voice is not clear or not loud enough 360 (20%) 

Students make too much noise 336 (18%) 

There is too much noise from outside of the 

classroom 
494 (27%) 

There is too much noise from inside of the 

classroom 
104 (6%) 

The sounds is too muffled 86 (5%) 
 
 
 
Figure 6 shows that there was the percentage of students who felt highly annoyed strongly depend 

on the noise levels in the classrooms. Our results indicate that more than 57% of the students reported 
that such high noise levels obstructed their concentration and hence effected their understanding and 
performance. Our results showed no gender or age bias. 

 
The measured noise levels in the UOS classrooms were generally high. Students felt such noises 

interferes with their concentration and overall learning and academic performance. The sources of 
noises in the classrooms were found to come from internal (e.g. HVAC) as well as external sources 
(e.g. construction). Noise levels within the classrooms ranged between LAeq 58.2.3 dB and LAeq 72.2 
dB. Our results are in agreement with similar studies done on examining noise and its effect on 
teaching and learning activities (9). High noise levels has been reported to hinder students to clearly 
hear the instructor (or instructions during the lecture (10,11). According to our findings, students have 
identified noises within the classroom as the main sources of annoyance followed by noise coming 
from the university corridors and people’s voices. This is supported by reports from other studies that 
show that students are aware that they are, themselves, generators of noise, harming class development, 
peer concentration and the audibility to hear the teacher’s voice (12,13). When students were asked 
about the impact of noise in the classrooms, their responses were: 1. difficulties in hearing the teacher; 
2. Interferes with their concentration; 3. Aggravation, all of which are in agreement with reports from 
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similar studies (14,15,16). When students were asked a follow-up question about the consequences of 
such noise levels, students stated that it led students to give up paying attention, which is of major 
concern not only to students but also to the University. In fact, this was one of the main complaints 
from students in the exit survey, which prompted the University to launch programs to improve the 
teaching and learning environment focusing on many students’’ satisfaction attributed (the most 
important of which is improving classroom acoustics).   

 

 
Figure 4 – Classroom Acoustic satisfaction level (0: not at all satisfied – 10: very satisfied) 
 

 
Figure 5 – Classroom noise annoyance level (0: not at all annoyed – 10: very much annoyed) 

 

 

Figure 6 – Correlation between annoyance and classroom acoustics satisfaction   
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Figure 7 – Relationship between classroom noise levels and percentage of students who felt highly 

annoyed.  

4. CONCLUSIONS 
The results reported in this paper is the first of its kind in the United Arab Emirates, which aimed 

at studying students’ perception of noise in the UOS classrooms. This should be taken as an initiative 
to encourage other institutions in the country and the region to conduct similar studies to allow us to 
compare our results for the purpose of improvement. It is also important to consider the results of our 
study as a tool to improve the teaching and learning environment and hence improve students’ 
experience during their journey and help the institution achieve excellence in teaching and learning 
and provide students with quality of life on campus.  

The conclusions of our study indicate that UOS students have classified classrooms at the 
University to be noisy. They further considered noise as one of the factors that negatively impacted 
their understanding and interfered with their communication with the instructor as well as with each 
other. This was evident from the fact that over 50% of respondents felt that noises “disrupt their peace 
of mind” and over 47% of the students felt that noises “interferes with their ability to hear the 
instructors”. A more comprehensive study needs to be conducted to better understand factors 
contributing to apparent students’ dissatisfaction with classroom acoustics at the University if Sharjah. 
The results of such study will provide the university recommendations on how to improve acoustics 
at the teaching and learning environment. 
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Abstract
Acoustics and architects are often engaged in design dialogues. While architects work on the definition of
the spaces, acousticians deal with understanding in advance how these spaces will be sonically perceived by the
future inhabitants. Sometimes, communication might be difficult, lacking a common vocabulary based on sound
energy descriptors, frequency distribution, and perceptual dimensions. In this paper, we present the results of an
online questionnaire answered by 15 professional architects asked to consider the possible integration of sonic
anticipations in their design practice. The totality of the participants declared to be interested in working with a
software environment enabling them to listen to (i) how changes in the geometry would affect the diffusion of
sound, (ii) how changes in the materials would affect the diffusion of sound, (iii) simulate sound sources which
are likely to be present in the space to be designed. Some of this percentage expressed the need to be further
guided for such activity. A third of the respondents also completed an optional section which required them to
test three interactive online examples, Playsound.space, Tranquil City pavement, and a javascript spatial sound
demo. In discussing the results, we provide our design suggestions for the scenario depicted.
Keywords: Acoustic Education, Design Integration, Soundscapes, Real Time Auralization , Architecture

1 INTRODUCTION
In our daily activities, a comfortable sonic environment allows us to be productive and relax from stress when
needed, improving our quality of life. However, sometimes this is not possible for a lack of design attention
towards sonic matters, with the misconception that acoustic solutions might be expensive or too difficult to
plan ahead. In urban design practices, it can be even harder to individuate design responsibilities and solutions,
albeit steps have been recently taken to include modelling approaches deriving from virtual acoustics [3] among
the strategies to identify and solve these problems in the urban fabric. Soundwalking has been largely used
to investigate urban soundscapes to inform urban policies [1] or provide experiences and material to create
artworks to be conveyed through sound and music [5]. Our previous research has shown how people reflect on
soundscapes in situ through graphical templates [8, 7], highlighting how certain qualities of the spaces might not
appear through other conventional procedures, thoroughly reviewed in [6]. Although promising results to bridge
soundscape research and architectural practice have been brought forward by the field of Indoor Soundscaping
[17], it seems that there is still a gap between research on soundscapes and architectural education [2], which
this paper would like to address presenting the results from an online survey conducted with 15 architecture
professionals.

2 AURALIZING ARCHITECTURAL MODELS
Auralization, "the creation of audible acoustic sceneries from computer-generated data" [14], has helped in the
recent year to audition acoustic design solutions for architectural spaces and evaluate perceptually their acoustic
signature, represented by a Room Impulse Response (RIR). A RIR corresponds to the response of the room to
the excitation of a given signal, emitted by a source with a given set of coordinates, as recorded by a receiver
placed in a different position. Acoustic simulation software has helped through years calculating, and recently
hearing, how spaces might sound like, according to their volume, geometry, and materials. Acoustic simula-
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tion methods can be split in two families, Geometrical Acoustics (GA) methods and Wave Models (WM) [15].
The latter can be exemplified by methods acting in the frequency domain, comprising of Boundary Elements
Methods (BEM) and Finite Elements Methods (FEM), and those acting in the time domain, Finite Difference
Time-Domain methods (FTDT), which might be considered similar to Digital Waveguide Mesh (DWM). GA
methods include ray, cone, and pyramid tracing, Image Source (IS), and also all those hybrid models blending
together these two techniques. These methods have been extensively discussed in literature and there are many
software packages which adopt proprietary algorithms designed to solve specific conditions, such as CATT,
EASE, ODEON, Ramsete, CadnaA, COMSOL, etc. In addition to these established packages, few more sim-
ulation frameworks recently arose seeking to answer the desire to walk around in a space and hear how it
would sound like. We review next three of these frameworks (RAVEN, EVERTims, and Project Acoustics)
whose potential could be further explored in educational settings, explaining briefly their underlying technical
infrastructure.
RAVEN [11, 9] (Room Acoustics for Virtual Environments) is a real-time auralization tool based on a C++
library, designed as a plug-in for SketchUp. It comprises (i) the SketchUp plug-in, acting as a TCP/IP server
for the simulation clients, (ii) the SketchUp Auralisation (SUA), Visualisation (SUV), and Controller (SUC)
clients; (iii) the real-time convolution module. Changes in the SketchUp model are sent to the SUV and SUA,
which updates the calculation only if needed. Since the SUA renders only one receiver at a time, it is possible
to perform walkthroughs in the space interpolating between positions and operate modifications upon need. To
calculate the sound propagation paths and detect changes to render, RAVEN adopts a hybrid combination of
Spatial Hashing (SH) and Binary Space Partitioning (BSP), depending on the kind of recalculation needed.
The RIR, calculated by composing direct sound, early reflections, and late reverberation, is auralised starting
streaming the direct sound and immediately after the early reflections, the most important components to achieve
a sense of space, leaving the calculation of the late reverberation at a lower priority. In SketchUp it is possible
to assign material acoustic properties such as absorption and scattering, and position audience areas on which
project the results of the simulation, which employs a combination of IS and RT.
EVERTims [10] 1 is an open-source tool for real-time auralisation, based on a C++ library which connects to
a python add-on for Blender, an open-source 3D modelling tool. After receiving the room geometry and the
listener and source positions, the room modeler unit, which differently from RAVEN works also with open ge-
ometries, constructs a beam tree for the current geometry. The highest simulated reflection order can be set in
the controller and is passed as a parameter to the modeler. A list of computed image sources is generated and
sent to the auralization unit which, through a Feedback Delay Netwok (FDN), computes the late reverberation
and adds it to the IS and direct sound calculation, rendered as a binaural output. The auralisation module em-
ploys JUCE 2, a framework supporting the design of Digital Signal Processing (DSP) chains and User Interfaces
(UIs), and allows to import specific Spatially Oriented Format for Acoustics (SOFA) files for source directivity
or Head Related Impulse Responses (HRIR). The software is currently optimised to update the source and lis-
tener position without high computational load and potentially could support multi-sources and multi-listeners.
Notably, it can auralise live sound on-the fly as if it was in the modeled space and export Ambisonics RIR.
Updates on the geometry can be performed live within a short recalculation time.
Project Acoustics by Microsoft [4] 3, designed to achieve realistic and aesthetically pleasing auditory scenes
in gaming environments, employs a two-steps approach. The first step consists of a precomputation (baking)
which can be requested through a subscription system and received after running on a cloud computing systems,
or alternatively run on high-performance local machines. This step generates a set of probe locations acting
as both sources and receivers above the scene’s navigation mesh. After adaptively pruning proble samples,
depending on space characteristics, the system performs a 3D numerical wave simulation at each probe location
and encodes impulse responses between source and listener locations in terms of four perceptual parameters.
These are (i) the direct sound loudness (dB) of initial energy which arrives at the listener during the first 10ms;

1http://evertims.github.io/
2https://juce.com/
3https://docs.microsoft.com/en-us/azure/cognitive-services/acoustics/what-is-acoustics
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(ii) the loudness of early reflections in the following 200ms; (iii) the decay time of reflections; (iv) the decay
time of late reverberation. These represent 3D emitter fields sub-sampled uniformly at a spacing of around
1m and compressed by the encoder, with an optimal probe layout at 3-4 m. This precomputation (the bake),
is unique for the model and its materials (which need to be assigned beforehand), allowing for the sources
and the listeners to take any space in the navigation mesh. The real time listening experience is currently
implemented in Unity (and Unreal), where the user just needs to import the software package as a plugin
and the precomputed data before experiencing the auralised environment. At runtime an interpolation based on
the reachable probes is applied to the decoded parameters to filter each source sound, achieving “smooth and
realistic audio as sources and listeners move through the scene” [4]. With respect to other GA frameworks,
this system may simulate diffraction more realistically and therefore provide innovative yet important perceptual
aspects such as occlusion and portaling, once only domain of WM simulations, typically uncommon in the
acoustic analysis of large and complex architectural models.
These three platforms all seem to offer huge potential in support of design practices, in educational as well
as professional settings. We imagine that introducing these tools as coursework resources would be the best
strategy to see how they fit in the pedagogical development of the architect. It was noticed that although
Building Information Modelling (BIM) approaches recently flourished, no plugins for acoustic simulation and
auralisation were made available for REVIT or other platform. To our knowledge, there are only two attempts to
integrate acoustic simulation in BIM practices [13, 16]. The survey we conducted, presented in the next section,
aimed at capturing a general overview on how architects would receive the possibility of using software which
would allow them to hear the effects of their design.

3 SURVEYING ARCHITECTURE PROFESSIONALS
We have previously investigated using graphic notation systems the perception of sonic environments and the
conceptualisation related to design choices [7]. Nevertheless, we could not succeed in including architects or
architecture students among our participants. Since the broader scope of this research was to investigate how
Aural Design practices (including both Acoustic Ecology and Architectural Acoustics) could be integrated in
architectural training, we took few further steps. A survey was launched in May 2018 to address how those
involved in Aural and Acoustic Design practices, such as academics and professionals, would elaborate on a
series of example teaching strategies, presented on a web page4. We received 14 responses and analysed the
results. In a nutshell, respondents would encourage the teaching of acoustic subjects in architecture schools as
part of design modules or technical modules and would encourage either listening experiences in situ as well as
exercises employing simulation tools. The online survey5 object of this article, targeting architecture profession-
als, was launched in December 2018 and advertised through social media platforms, with the result of being
forwarded within few practices in London. The respondents could choose whether to answer the full survey
lasting about 10 minutes, which involved a listening session6, or a shorter version without this part, lasting less
than 5 minutes. After the listening section, or directly after the introductory section, the respondents were asked
to answer questions including in order: role in the practice, management of acoustic design within the practice,
size of the practice, software mostly used, interest in workflow integration of sonic preview features, acoustic
comfort in daily life, training on acoustic topics, use of virtual and augmented reality applications, age, gender
identification, years of professional experience, musical listening habits, and answering platform. Differently
from the other survey, we did not show demonstrative material related to existing auralisation platforms, but we
rather aimed to provide coverage of the existing interest and education in sonic practices, to better understand
the network of relationships among architects and acousticians. We further detailed this topic through a set of
semi-structured interviews, discussed in another publication 7.

4http://eecs.qmul.ac.uk/~am320/resources/
5https://tinyurl.com/icasubmission
6We advised to avoid the mobile in this case for compatibility issues.
7Details of the Journal to be provided upon acceptance.

4140



Figure 1. Playsound.space (left), Tranquil Pavement (middle) and spatialised demo (right)

3.1 Listening section: Results
One third of the respondents (5 on 15) took part in the listening activities, which involved using briefly three
interactive online platforms which offered the possibility to experiment and reflect on soundscapes and architec-
tural design in a light and effortless way. The first, employing the online platform Playsound.space [12] (left
in Fig 1), required respondents to imagine an office space and select sounds to play accordingly, pasting the
resulting link in the survey. All 5 respondents provided links similar to this sample result 8 (M n. of sounds:
6.4, STD: 2.3) and mostly clicked on what was available on the first page results after querying the word "of-
fice". The second question required to explore Tranquil Pavement 9, a crowdsourced platform which displays
on a map of London, detailed with pollution and environmental noise data, images posted on Instragram with
the hashtag #TranquilCity. Respondents were asked to find a tranquil route in London and then paste a link.
We received 4 links showing some locations in London. In the third, a demo 10 employing the Web Audio
library Resonance Audio by Google 11, an office space was simulated where the room width could be changed
in a drop-down menu, sound sources and listener position could be moved around and mixed together using a
slider. The question asked to "find your favourite combination of room width and sound sources positions".

Figure 2. Listening section. Results for N = 5
After every experience, the respondents were asked to input on a 5 points Likert scale how difficult (very
difficult to very easy) the tasks were and how pleasant the experience with the app was (very unpleasant to very
pleasant). Results show how the most pleasant app to use was Tranquil Pavement and none of the exercises was
found difficult (Fig. 2 left). Finally, and before going to the other part of the questionnaire, shared among all
the respondents, participants were asked "Which of these features would you consider relevant for your design
profession?" with three multiple choice options plus the open input "Other". On the right of Fig. 2 we see how
4 on the 5 respondents considered "Simulate placement of sound sources in a space with different materials and

8http://www.playsound.space/sounds=334980,168805,168596,414819,360496,149474
9https://tranquilpavement.com/

10http://eecs.qmul.ac.uk/~am320/demo/
11https://resonance-audio.github.io/resonance-audio/
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sizes" the most relevant feature for their profession, followed by "Being able to listen to sounds from a map"
(3), and "Compose sounds together to simulate a sonic environment" (2).

3.2 Shared questions: Results
Among the 15 respondents 60% identified as females, 40% as males; 80% aged 25-34, 13.3% aged 35-44, and
6.7% aged 18-24. 46.7% answered the survey from their phone, 40% from their desktop, 13.3% from their
laptop. 40% of the respondents declared to listen to music more often at work, 26.7% at home, 26.7% while
travelling, 6.7% as background; "at dancing events", "at live music events", "when making or playing music"
were not selected. 60% of the participants had more than 5 years of professional experience as architects,
40% between 1 and 5 years; none selected "still studying", since the survey was targeting professionals. In the
practice 60% of the respondents held the role of Project team / assistant, 40% of Project lead and 1 (6.7%)
used the box "Other" to input "Architect". 80% of the participants worked in practices with more than 50
employees, 20% in practices with less than 10 employees. 86.7% declared that an external agency takes care of
the acoustic comfort requirements of the project, while for 13.3% this is managed within their practice. In this
last group, only one respondent worked in a 50+ employee practice, showing how relying on external acoustic
consultants is the norm in large practices. In their design practice 73.3% uses mostly Autodesk Revit, which is a
BIM based software, while 60% uses mostly Microstation, which is a Computer Aided Design (CAD) software.
AutoCAD is mostly used by 26.7%, 3Dstudio Max and Rhinoceros3D by 20%, ArchiCAD (also based on BIM)
by 6.7%. Unfortunately we did not include SketchUp among the options at this stage, although there was an
additional field to add entries. Informal discussions held afterward with few architects suggest that SketchUp is
in fact used in the practice but possibly not the one used mostly.

Figure 3. Results for the scenario question (N=15)

The following three questions presented a scenario starting with: "Imagine that in your favourite software en-
vironment you could " and then followed by these three cases: (A) "listen to how changes in the geometry
would affect the diffusion of sound." ; (B) "listen to how changes in the materials would affect the diffusion
of sound. "; (C) "simulate sound sources which are likely to be present in the space you are designing.". Af-
ter every scenario, the final question was "How likely would you be interested in using such feature?". The
answers to this question, presented in Fig, 3 show how all respondents (100% of the 15) were interested in
these possibilities, although some think they might need further guidance. This perceived need for guidance
is higher for sound sources simulation (33.34%), followed by changes in the materials (26.67%) and changes
in the geometry (20%). A generic comment box was made available but no further observations were added.
The next question was "In your daily life, in which context do you usually pay attention to acoustics?" with a
multiple answer option. The results yielded in order working/productivity (66.7%), followed by conversation/-
communication, reading/focused, and walking/travelling (all 60%), relaxation/leisure (53.3%), listening to live
music and playing music (46.7%), spiritual/collected (26.7%), healing/restoration (13.3%). Then, it was asked
"In your daily life, have you wished you could improve the acoustic comfort of a space?" yielding a 73.3%
answering "Often", 13.3% answering "Rarely", 6.7% "Very Frequently", and 6.7% "Never". Until this ques-
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Figure 4. Problems and design solutions N=11. In italic the responses of those who answered also the listening
section

tion, all the respondents answered the questions proposed. The next three questions wanted to detail in which
situations acoustic comfort was found to be problematic, which for one was not the case. The most critical
activity was found to be working/productivity with an almost unanimous response of 92.9% on 14 respondents,
followed by 71.4% for conversation/communication, 50% reading/focused, 35.7% relaxation/leisure, 28.6% for
listening to live music and walking/travelling, 14.3% for playing music, and 7.1% for spiritual collected. The
respondents were further invited to provide answers to: "If yes, could you provide at least one example of the
problem with the acoustic comfort?" and "If yes, have you ever thought of specific design solutions to mitigate
the problem?". 11 respondents answered as shown in Fig. 4 with recurrent problems such as conversations at
work, worsened by open spaces (4 mentions) causing distraction and having impact on concentration, loudness
(2), lack of appropriate insulation (2). Single mentions reported acoustic frustration from converted cinemas,
reduce reverberation, acoustics affecting conversations, "too noisy". The suggested recurrent solutions included
insulation (3), materials (2), spatial planning (2), with single mentions of: more attention to acoustics/sound
when designing; new software solutions; acoustic panels or baffles.

Figure 5. Training during architectural studies (left), architectural practice (middle), and interest (right)
The next two questions asked whether the participants received training on certain topics during their archi-
tectural studies and practice, providing multiple choices options. The results highlight first that not everyone
answered, suggesting that for some these topics were never treated. During the architectural studies of 10 re-
spondents, 60% received training on room acoustics, 50% on sound insulation properties of materials, 50% on
acoustic properties of materials, 40% on noise regulations, none on urban sound planning nor acoustic ecology
(Fig. 5 left). During their architectural practice, out of 8 respondents (Fig. 5 middle), 50% received training
on noise regulations, 37.5% on sound insulation properties of materials, 12.5% on room acoustics, urban sound
planning, and acoustic ecology, none on acoustic properties of materials. Finally, when asked "If you never
received training on any of the previous topics, would you be interested in knowing more about these topics?",
out of 14, 64.3% selected acoustic properties of materials, 50% room acoustics, urban sound planning, sound
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insulation properties of materials, 42.9% acoustic ecology, 28.6% noise regulations (Fig. 5 right).
Finally, we investigated the participants’ experience with immersive media platforms, since they can be used to
render sonic scenes in a compelling way. Out of 15 respondents, 60% never tried augmented reality applications,
26.7% used these outside work, 13.3% used them at work, with content made by others. 33.3% never used
virtual reality applications, 33.3% used them at work, with content made by others, 26.7% used them outside
work, 6.7% (1 person), used them with self-made content.

4 DISCUSSION AND FUTURE WORK
We are aware that the sample is small and we should extend the inquiry forwarded to a larger number of
practice, if we aim to generalise the scenario depicted. From the small sample presented here, it emerged how
large studios rely mainly on external consultants to take care of the acoustic requirements of the project. This
suggests that it is not up to the architect to deal with acoustic requirements in the practice. However, from
the interviews we recently conducted, it seems that the acoustic consultant provides the requirements and the
architect designs accordingly, in a responsibility model which we can assume to be shared. The results obtained
in this study show that the idea of integrating into typical design tools the possibility of listening to how spaces
propagate sound is generally welcomed. Either in the listening section and in the rest of the survey, changes
in the geometry of the spaces and the materials appear more relevant to the architect than the positioning of
the sound sources. In fact, the design and analysis of potential sound sources in spaces often takes a back seat
in the architectural project, with a deeper focus on the response of the space to sound than on sound sources
themselves. We believe that if we want to improve the acoustic comfort of spaces this sonic imagination should
be further researched. From a broad educational point of view, our suggestion is to strengthen the presence of
disciplines related to acoustic design in architecture schools. Upon the results obtained, these could include and
combine: (i) the study of simulation techniques, requiring some understanding of physics and the application of
problem modelling and solving skills to practical architectural examples; (ii) the study of the social and cultural
dimension of the soundscape, supported by on site measuring and surveying practices which could also help
inform students on noise regulation policies and mediation strategies. From a purely technical point of view
(or listening), we note that the platforms reviewed in 2 seem to not fully exploit the potential offered by the
BIM system. This system, which includes all the essential information to communicate the project in a single
model, allows the insertion of materials and technical solutions with precise acoustic information previously
measured, necessary for a good simulation. On the other hand, the integration of RAVEN with SketchUP makes
it a tool suitable to teach how sound propagates in different geometries with acoustically different materials.
EVERTims, modular and open-source, may flourish at best projects employing immersive media technologies.
Project acoustics is a large step towards the possibility to export models with high level of detail, including
exteriors, filter spaces, corridors, as geometries with many different acoustic properties, encouraging to study
and have audible experience of places previously considered not important enough to require a simulation. We
hope for it to better integrate with software packages currently used in design practices, first of all REVIT,
whose functionalities are already extended with plugins that can be written in C#. Among these, DYNAMO 12

employs visual programming and allows to connect through generative algorithms series of operations on the
elements of the model, therefore offering valuable design potential to explore acoustic properties of spaces. To
our knowledge, not many publications cover the response from architecture students to the auralization platforms
described in 2. Future research should therefore look on the one hand at integrating auralisation platforms into
widely adopted BIM packages such as REVIT, without diminishing the importance of specialized figures such as
acoustic consultants. On the other hand, it should look at the use of non-commercial products within educational
contexts and at their value as tools for acoustic exploration and design, as the idea of listening to the effects of
design choices seems to be welcome by the architecture professionals we surveyed.

12https://dynamobim.org/
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5 CONCLUSIONS
The work shows a first step towards engaging architects in a positive dialogue on acoustic design practices
through future software products which may leverage their creativity and help them imagining how future spaces
may sound like, supporting their collaborative design partnership with acoustic consultants. It was also noticed
a possibly uneven breadth of training on acoustic design topics and the desire to know more. As two thirds of
the respondents often wished to improve the acoustic comfort of spaces, there seems worthwhile to strengthen
education in architectural acoustics and soundscape surveying practices among architecture schools.
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ABSTRACT 
One of the most important research field to enhance the environment is ”soundscape” that concentrates 
on urban and indoor sound environments, with a focus on improving the quality and pleasantness. The 
ability of designing sustainable soundscapes and the necessity of it, have led to a new discussion in 
standardization of soundscapes. Most of the detailed work of the working group on perceptual 
assessment of soundscape (ISO/TC 43/SCI/WG 54) focuses on soundscape quality, analysis methods 
and parameters on open public spaces. However, indoor soundscaping, which is a more recent research 
topic is as important as the urban soundscape because people spend 80% of their time indoors. 
Therefore, its standardization and application in the architectural design process is very crucial to 
improve indoor soundscape quality. In this study, present policies and applications about noise 
management and soundscape are assessed and international regulations are compared. In addition, 
deficiencies in both national and international regulations regarding indoor soundscaping, and 
promising leading role of standardizing indoor soundscape methods and factors to be used in 
architectural design process and the establishment of related regulations are discussed. 
 
Keywords: Soundscape standardization, Noise regulation, Indoor soundscaping, Soundscape factors 

1. INTRODUCTION 
Progressing soundscape studies reveal a discussion about if noise management policies , regulations, 

and action plans are sufficient to attain the preferable and healthy acoustic environment. The most 
significant evidence that leads to reveal this discussion is different attitudes of noise management and 
soundscape towards sound. While noise management considers only unwanted sounds and negative 
effects of noise , soundscape approach conceives sound as a resource and focuses on sounds of 
preference. In addition, with the regard of action plan, noise management approach deals with 
reducing sound levels of unwanted sounds, but soundscape approach manages positive sounds besides 
masking unwanted sounds (1). In other words, noise management mostly attends to physical 
measurements of sound, however this measurements are not useful for determining the preference of 
people on soundscape (2). 

Since soundscape means “acoustic environment as perceived or experienced and/or understood by 
a person or people, in context”(3), it has a direct relationship with human perception and the 
environment around, and this arises many factors to be dealt with in application and design process 
besides acoustical measurements. Because soundscape is a multi-factorial context, it is needed to be 
standardized and well explained as possible in order to operate properly in design process . The first 
attempt of soundscape standardization was presented by International Organization for 
Standardization (ISO). In 2008, ISO established a new working group named “perceptual assessment 
of soundscape quality” (ISO/TC 43/SCI/WG 54) and published the first part of the standardization 
“ISO 12913-1:2014 Acoustics-Soundscape-Definition and conceptual framework” in 2014. However, 
this standardization is about open public spaces of urban soundscape quality, methods and factors 
thereby there is still a gap regarding standardization of indoor soundscaping.  

To develop a possible proposal on the indoor soundscape standardization or regulation, present 
noise regulations, standards that are included in related regulations and noise guidelines are needed to 
be reviewed. The regulations/directives and guidelines of European Union (EU) and Turkey are 
                                                        
1 beyzaercakmak@gmail.com  
2 papatya@cankaya.edu.tr 
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analyzed and compared under the scope of this study. In addition, since soundscape factors and 
methods have an essential role on architectural design process of indoor soundscape, they are needed 
to be analyzed to discuss the possibility of standardization. 

2. SOUNDSCAPE IN APPLICATION AND DESIGN PROCESS 
To compile the principles of indoor soundscape, it is rather crucial to analyze and understand the 

present International Organization for Standardization (ISO) standard 12913-1:2014 (3) about urban 
soundscape. Starting from the scope of ISO standard 12913-1:2014, indoor soundscape factors and 
methods can be formed in a proper frame. However, since the scope of ISO 12913-1:2014 is on urban 
scale, it will be inadequate for indoor soundscape assessment. Hence, several studies on soundscape 
factors (1, 3-8) and methods (4, 9-11) are needed to be evaluated to gather more information about 
indoor soundscaping principles. 

2.1 Standardization of Soundscape 
The published standard of ISO about urban soundscape has aimed to present definitions related to 

subject, and the factors interacted and influenced each other in context.  Seven main concepts were 
presented as “context, sound sources, acoustic environment, auditory sensations, interpretation of 
auditory sensations, responses and outcomes” in order to define the process of “understanding” or 
“perceiving” the acoustic environment (3). These seven concepts and their relationship with each other 
can be summarized as: Context is an interaction between “person, activity and place in space and time” 
and it has an influence on soundscape by three of other main concepts; auditory sensation, 
interpretation of auditory sensations/auditory perception and responses. Besides, these three concepts 
are influenced by different factors like personal and cultural characteristics, expectation, attitude, past 
experiences, activities, mood, temporal situations, lighting and thermal conditions (3). 

ISO standard which highlighted many factors and interactions between them can be a useful guide 
for urban soundscape design, but it is not sufficient for indoor soundscaping. There are other essential 
factors that are needed consideration, while studying on an enclosed soundscape; architectural 
characteristics and function of a space. Architectural features have a significant influence on 
formation of sound (7), and this may affect the soundscape perception, just as function of a space 
affects the expectation of users.  

Another indispensable issue is describing and standardizing the data collection methods about 
relevant factors and data types. Regarding both urban and indoor soundscaping, it  is crucial to insert 
methods and data types to standards besides the factors of soundscape, in order to prepare advanced 
guide for design process of soundscapes. 

2.2 Factors of Indoor Soundscaping 
The most apparent characteristic of soundscape approach that differs it from noise management is 

multi-factorial context of soundscape research field, additional to acoustical measurements and other 
objective parameters that are included. Through the review of several studies in the literature (1, 3-8) 
and the guidance of ISO 12913-1:2014 (3), it is possible to specify the factors of indoor soundscape.  

As the soundscape heavily depends on the perception of the acoustic environment, urban 
soundscape deals with acoustical variables and various contextual factors to identify the perception of 
users. However, urban soundscape factors are not solely sufficient to evaluate an enclosed soundscape. 
Therefore, differently from soundscape in urban scale, indoor soundscape factors can be classified into 
three main concepts as suggested in the Dökmeci and Kang’s model  when the architectural dimensions 
have been integrated to acoustical and contextual factors (7). Another integrative model was presented 
in Herranz-Pascual, Aspuru and García’s study (8) which defines the user, activity and place 
interaction to explain “environmental experience”. Based on Herranz-Pascual, Aspuru and García’s 
model it can be said that, contextual factors answer the questions such as; ‘how people experience and 
perceive their built and acoustic environment?’, ‘what type of sensations they have?’, ‘how they 
evaluate them?’ and ‘what behavioral responses are obtained?'.  When contextual factors are assessed 
in more detail, expectations which are mostly formed by the past experiences (6), and preference 
which differs according to the places, activities and functions (1) stands in the foreground, when 
compared to other dimensions. Furthermore, expectation has an influence on behavioral outcomes; 
therefore, expected soundscape is not always the same with preferred soundscape.  

Architectural factors, which are specific to indoor soundscape framework can be assessed in three 
subgroups based on the studies in the literature (4, 7); function, architectural properties and physical 
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environment. While architectural properties of a space are important for its remarkable influence on 
formation of sound (7), function of a space is important due to the direct relation with expectation and 
preference of users. 

A merged model for indoor soundscape factors, that can be seen in Figure 1, is prepared based on 
the related studies in the literature. Factors of indoor soundscape are assessed in three main concepts as, 
“acoustical variables”, “contextual factors” and “architectural factors” in the proposed model. 
Acoustical variables are needed in order to understand the physical properties of sound and used to 
compare findings with other soundscape studies, noise regulations and guidelines. Secondly, 
contextual factors can be assessed in four main elements as temporal data, psychological conditions, 
behavioral attitudes to soundscape and personal/demographical information of users. Thirdly, 
architectural factors, which have direct effect on soundscape are divided into three elements as; 
function, architectural properties and physical environment. Information on function of a space is 
important for design process of soundscape as it can help to collect possible future predictions on 
preference of users. Architectural properties of an indoor space affect user’s perception of soundscape 
through its influence on sound. Besides, psychological situations and soundscape perception of users 
may alter in different physical environmental conditions and as a result, overall space experience can 
form differently.   

 
Figure 1 – Merged classification model for indoor soundscape factors (1, 3-8) 

 This model on soundscape factors is a classification proposal for indoor soundscaping factors, 
which needs further consideration in the process of architectural design by architects, interior 
architects or any other related discipline. Through further studies, it can be extended and/or evolved. 

2.3 Methods of Indoor Soundscaping 
Integration of soundscaping to the architectural design process especially in the early stages is 

crucial (4). Standardization and clarification of methods and data types, which are obtained from 
related factors, should be the subsequent step after factor identification, in order to integrate 
soundscape as a part of architectural design. Several urban soundscape studies related with the data 
types and methods in the literature divide methods as; in situ and laboratory studies (9, 11), and 
presents it as audience experience originated (10). Another study on indoor soundscape classifies 
methods for acoustical post-occupancy evaluation in three stages as “indicative” and “investigative” 
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as the identification phase of soundscape and “diagnostic” as the evaluative phase of soundscape (4). 
Under the scope of standardization and/or regulation establishment, it can also be useful to classify 
methods, based on the factors of indoor soundscape in order to evaluate factors and methods together.  
Classification of indoor soundscape methods, that can be seen in Table 1, is prepared based on the 
factors proposed in Figure 1. In Table 1, main 3 concepts of indoor soundscape factors and their 
methods for gathering data, types of data and finally the expected outcome that are planned to be 
obtained through those methods are presented. 

Table 1 – A proposal on indoor soundscaping methods based on related factors (4, 9-11) 
Factor Method Data Type Expected Outcome 

Acoustical Variables Measurement Quantitative Physical properties of 
sound 

Contextual Factors 

Interview Qualitative How users perceive 
the soundscape in 

context 

Observation Qualitative 
Soundwalk Qualitative 

Questionnaire Quantitative 

Architectural Factors Architectural Survey Quantitative 

Architectural 
properties and 

information about 
physical environment 

3. NOISE MANAGEMENT AND ITS APPLICATION 
As a result of the policies that have been implemented in Turkey and EU, related 

regulations/directives and guidelines regarding noise management were published based on ISO 
acoustics standards.    

3.1 Noise Regulations/Directives in EU and Turkey 
When the present noise regulations/directives of EU and Turkey were assessed, it is revealed that 

there are six essential regulations related to noise management. Table 2 presents a comparison of 
regulations in Turkey and EU, in terms of the scope and rule numbers. In table 2, it can be also seen 
that, four of the six regulations in Turkey have been prepared by reference from the equivalent 
directives in EU. These equivalent directives are about environmental noise management (12, 13), 
protection of the workers from risks of the noise exposure (14, 15), noise emission of outdoor 
equipment (16, 17) and sound levels of motor vehicles (18, 19). Besides, in Turkey, there is a 
regulation on, “protection of buildings against noise” (20) but an equivalent directive in EU does not 
exist. Furthermore, EU has a directive on noise-related operating restrictions at airports (21), which is 
not published in Turkey as an equivalent directive. 

Table 2 – Comparison of noise regulations in Turkey and Europe. 
Scope of Regulation Turkey European Union 

1.Environmental noise 14012 (12) 
Amending 2002/49/EC 

Directive 2002/49/EC (13) 

2.Protection of buildings 23616 (20) - 

3.Protection of Workers 18647 (14) 
Reference 2003/10/EC 

Directive 2003/10/EC (15) 

4.Airports - Directive (EU) 598/2014 (21) 
Repealing 2002/30/EC 

5.Outdoor equipment 2000/14/AT (16) 
Reference 2005/88/EC 
Reference 2000/14/EC 

Directive 2005/88/EC (17) 
Amending 2000/14/EC 

6.Motor vehicles 70/157/AT (18) 
Reference 2005/88/EC 
Reference 2000/14/EC 

Regulation (EU) 540/2014 (19) 
Amending 2007/46/EC 
Repealing 70/150/EEC 
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When these regulations are compared and assessed, it can be said that there is not a remarkable 
difference between Turkey and EU, in fact, there is a compatible process about noise management. 
However, regulations on noise cannot be sufficient for soundscape standardization by itself, yet they 
need consideration, since noise management is a part of soundscaping.      

3.2 Noise Guidelines in EU and Turkey 
The essential aim of guidelines related to noise are; “to provide recommendations for protecting 

human health from exposure to environmental noise”  (22) and to support implementation of 
environmental noise directive (23). In Europe, World Health Organization (WHO) prepared a series of 
guidelines about environmental noise and adverse health effects of the noise exposure for European 
region. On the other hand, the guidelines in Turkey were prepared under the scope of the twinning 
project TR/2004/IB/EN/02 “Harmonization and Implementation of the EU Directive Related to 
Environmental Noise Management”, which is promoted by European Commission (EC). Table 3 
presents a list of these guidelines regarding environmental noise both in Turkey and Europe.  

Table 3 – List of noise guidelines in Turkey and Europe 

Turkey Europe – World Health Organization (WHO) 
1.Guideline on environmental noise 

measurement and evaluation (24) 
1.Environmental noise guidelines for the European 

Region (22) 

2.Guideline of noise reduction 
precautions (23) 

2.Guidelines for community noise (25) 

3.Noise mapping guideline (26) 3.Night noise guidelines for Europe (27) 

 4.Methodology for systematic evidence reviews for the 
who noise guidelines for European region (28) 

 5.Biological mechanisms related to cardiovascular and 
metabolic effects by environmental noise (29) 

 6.Burden of disease from environmental noise (30) 

 7.Results from the search for available systematic 
reviews and meta-analyses on environmental noise (31) 

Guidelines in Turkey, which are about environmental noise measurement and evaluation (24), noise 
reduction precautions (23) and noise mapping (26), are not direct references of WHO’s guidelines, as 
it can be seen in the regulations. Nevertheless, contents are similar with WHO’s guidelines since they 
were prepared under the twinning project. When the European noise guidelines are evaluated a 
developing process can be seen clearly. The prior environmental noise guidelines of WHO are; 
Guidelines for Community Noise (25) which is published in 1999, was more-expert base and included 
more detailed technical issues on sound measurements and sources, and Night Noise Guideline (27) 
which was published in 2009, is related with the night noise exposure, sleep disturbance and night 
noise levels. The subsequent enhanced environmental noise guidelines of WHO (22, 28-31) were 
published including broader health outcomes of noise exposure, management of indoor noise levels 
and management of noise policies and regulatory standards (22). When the European and Turkish 
guidelines are compared it can be seen that Turkish guidelines are more similar with prior WHO’s 
guideline and they have deficiencies on health outcomes.       

3.3 Standards (ISO-TS) 
More than fifty standards in total are present in the literature, which are published under the name; 

“ISO/TC 43 Acoustics” by the technical committee and includes items such as, recommended sound 
levels, acoustical measurement protocols, evaluation and rating scales that are  being used in noise 
directives and guidelines. Turkish Standard Institution (TSE) translated almost all  of these standards, 
which have been used in the directives, into Turkish language. These translated Turkish standards (TS) 
have been used in the Turkish regulations and guidelines. Regarding soundscape regulatory attitude, 
present standards on acoustics will be essential as well to use standardized sound levels, measurement 
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techniques and data collection methods. The conspicuous standards that can be used in indoor 
soundscape framework are ISO 1996-1:9982 (TS equivalent: TS 9315 ISO 1996-1) (32) and ISO 
1996-2:1987 (TS equivalent: TS ISO 1996-2) (33) which are related to environmental noise 
measurement, evaluations and sound levels. Standards, which are published by the Building Acoustics 
technical committee (ISO/TC43/SC 2) and standards of Noise technical committee (ISO/TC43/SC 1) 
may also need consideration for indoor soundscape regulatory approach. 

4. HOW TO IMPROVE INDOOR SOUNDSCAPE APPLICATION PROCESS? 
Soundscape has many factors influencing experience and perception of users in comparison with 

noise level. In other words, noise is not the only indicator that effects people in an acoustic 
environment. However, soundscape study field, that concerns all sounds, including positive and 
negative, have an influence on the experience and perception of users in an enclosed acoustic 
environment. The difficulty of researching in the soundscape field is to separately handle various 
factors as well as considering their interactions (10), since it is a rather subjective concept (4). 

Therefore, to enhance the indoor soundscape quality and pleasantness, its integration to the 
architectural design process in early stages is crucial. However, the subjective attribution of 
soundscape arouses the necessity of characterizing the factors and methods , which are needed to be 
used in the design process. Certainly, a possible regulation/directive will also promote the integration 
of indoor soundscape principles to the design process. In that stage, evaluation of present policies on 
noise management has high importance on the process of developing a soundscape directive. When the 
present regulations/directives and guidelines are assessed, it is clearly seen that they have been 
prepared based on the standards published by the relevant institutions (e.g. ISO, TS). In addition, since 
soundscape approach involves noise management, noise policies and the related published documents 
should be in interaction with soundscape regulatory attitude. Therefore, preparation of standards 
regarding indoor soundscape factors and methods, which will be in cooperation with other acoustics 
standards in a possible regulation, can be the first stage.  Simultaneously, the support and consultation 
of experts such as architects, acousticians, interior architects, related governmental institutions or 
ministries or any other related discipline would be beneficial for the standardization process of indoor 
soundscaping. 

Secondly, since indoor soundscape expectation and preference differs regarding functional 
properties of a space, each case should be evaluated within itself. As it can be seen in the regulation on 
the Protection of Buildings Against Noise (20), soundscape evaluations in a possible future directive 
can be organized depending on the functional properties of enclosures. Hence, characterizing and 
separating the preference and expectation of users according to function and types of buildings may be 
needed, while preparing a standard that will be used in a future indoor soundscape regulation/directive. 

Thirdly, a guideline on indoor soundscaping, which will inform public and related professions 
about soundscape factors, methods, effects and directive implementation, might be the last stage of 
enhancing indoor soundscaping that can lead it to be involved in the architectural design process.  

In addition, with in the presented comparisons of noise and soundscape policies in this study, it can 
be seen that noise management developments in Turkey have been proceeded in cooperation 
substantially with EU policies. However, same attitude cannot be seen for soundscape approach. To 
develop a soundscape policy in Turkey, starting with the translation of ISO 12913-1:2014 (3) as an 
equivalent soundscape standard, and then starting to the improvement process is crucial.        

5. CONCLUSIONS 
Quality of indoor acoustic environment is one of the most essential issues to improve users’ 

wellbeing since people spend most of their time in enclosed environments. Certainly, managing noise 
has great importance, but noise is not the only source that people are exposed to in an acoustic 
environment. Therefore, soundscape approach that includes noise management as well , is a better 
attitude to manage the whole acoustic environment, as it has extensive multi-factorial scope i.e. not 
limited with acoustical measurements but considers the human perception and context. 

In this study, improvement of soundscape design process in terms of standardization and 
preparation of regulations were discussed. Since it is important to evaluate present policies on noise 
management and soundscape approach to discuss a possible regulation formation on indoor 
soundscape, standards, regulations/directives and guidelines in Turkey and EU were assessed in a 
comparative way. When these documents are analyzed it is seen that there is a gap on indoor 
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soundscaping regarding management, policy implementation, guideline preparation and 
standardization. The first step in the process of publishing a directive/guideline would be starting an 
initiative on preparation of a standard on factors and methods of indoor soundscaping. Thus, it can be 
possible to study on a directive specific to indoor soundscape in the later phase. In addition, guidelines 
should also be prepared in order to present an extensive informative document on indoor soundscape 
approach that can be followed in the architectural design process.  
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ABSTRACT 
With a growing tendency for compact living, the kitchen space is typically at the center of the daily activity, 
combining different functionalities. In the context of the ”IoT chef” project, the cooking experience is 
optimized, with focus on the cooker hood noise. In a first part of the study, a large-scale online survey (N = 
754) is conducted among Flemish home cooks in order to (1) map personal assessments of the sound 
environment during a typical cooking experience and (2) evaluate the indoor (kitchen) soundscape based on 
the ISO 12913-1/2 standard. The impact of the role of the observant (chef or bystander) on the subjective 
evaluation is investigated. In a second part of the study, typical kitchen sound levels are monitored during a 
one-week period at 16 households, selected from survey participants. Additionally, cooker hood levels are 
measured at the cook’s ears to define the contribution of hood noises in the overall kitchen sound 
environment. Results from the measurement campaign are presented and discussed. 
 
Keywords: Indoor Soundscape, Kitchen, Cooker Hood 

1. INTRODUCTION 
Today, the product sound quality of many different types of products including vehicles and 

household appliances is carefully designed [1]. Their sound often contributes to the branding of the 
product [2]. Some products however do not produce a dominant sound while in use. On the contrary, 
their sound is expected to blend into the overall sonic environment without a ttracting much auditory 
attention [3]. Yet they could still contribute to the overall soundscape; the sonic environment as 
perceived and understood by people within context [4] even in a subliminal way. Some of these 
products are always found in a similar context or at least this is commonly assumed. The kitchen hood 
is an example of such an appliance. Low noise level is an important discriminating factor between 
hoods, yet the characteristics of the sound leading to energetic or perceptual masking have not been 
investigated. To understand the interaction of this device with its environment and to be able to design 
its sound, the typical surrounding soundscape and the variety of soundscapes corresponding to various 
types of kitchens and household types must be understood. Kitchen sound environment is not the only 
reason to address the issue of kitchen hood sound. Reduced use of the kitchen hood due to its negative 
impact on the sound environment may lead to higher pollution levels with potential health impact.  

Thus, several research questions were formulated: (1) are people general ly satisfied with the sound 
environment in their kitchen; (2) to what extend does the kitchen hood contribute to this appreciation; 
(3) what is the effect of personal sensitivity? To answer these questions, in the IoTChef project, a 
broad questionnaire survey was conducted that amongst others enquired about the soundscape using a 
standardized approach [cite ISO12913 part 2]. In addition, a focused survey was conducted with a 
subgroup of 27 households. In this focus group, questionnaires were complemented wi th physical 
observations and measurements. 

2. METHODOLOGY 

2.1 Broad survey 
A survey on cooking experience was conducted online with a panel of volunteers that were 
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previously recruited by imec-mict for consumer research. As part of the survey, four questions related 
to sound were included: 

(1) a standard noise annoyance question [Error! Reference source not found.] slightly modified 
to reflect the context of the kitchen (freely translated from Dutch) “Think about an ordinary 
evening in the kitchen. Describe how you experience the kitchen as sound environment. To 
what extend are you annoyed or not annoyed by the sound of [vocal sounds of people, 
non-vocal sounds of people, sound of pet animals, installation sounds, operational sounds, 
electronic sounds, environmental sounds]?” For each category a few examples are given and a 
five-point standard answering scale is provided. 

(2) An overall appreciation of the sound environment according to the circumflex model [7] which 
after the same leading context sketch as above reads “The sound environments is [pleasant, 
comfortable; chaotic, complex; fascinating, stimulating; immobile,  passive; calm, tranquil; 
irritating, annoying; active, lively; monotonous, uninteresting]” Again a five-point answering 
scale is provided. 

(3) A general appreciation on the sound environment with five answering categories from very 
good to very bad. 

(4) A noise sensitivity question, the 10-item Weinstein scale [8]. 
In total 754 participants answered the survey, 330 female, 424 male and with and age range 18 to 70 
years. 

2.2 Focus group 
Volunteers (16) were selected from the survey that were willing to participate in an in-depth study 

of their kitchen habits. For this reason, an in-depth interview was conducted with these volunteers. In 
addition, activities in the kitchen were video-recorded and noise and air quality were monitored over a 
period of one week. This study was approved by the ethical committee of UGent and participants were 
duly informed about the purpose of these recordings.  

For soundscape observation, the microphone was placed at ear height in a corner of the kitchen. A 
black carbon aethalometer is used to evaluate the air quality in the kitchen.  

3. RESULTS 
The soundscape evaluation from the broad study (question (3)) is treated as a continuous scale and 

responses are averaged. This gives an average score on each of the eight dimensions that is shown in 
Fig. 1. Standard deviations over the population of respondents are similar for each dimension and 
amount to slightly under one unit. On average the kitchen soundscape at home is evaluated as pleasant 
and comfortable, quite calm and tranquil, but also active and lively. 

 
Figure 1 – Spider graph of kitchen soundscape evaluation. 

q q y
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Although most participants indicate a positive valence of the soundscape, it is worth analyzing the 
contribution of various possible sounds that could be heard in the kitchen to the negative valence 
(annoyance). Therefore, the first sound related question is analyzed (1). Figure 2 shows reported 
annoyance by different categories of sounds. In general, the percentage of the respondents that report 
moderate to high noise annoyance is low and there is not much dis tinction between sources. Although 
the relatively high percentage of annoyance by sounds of pets is worth mentioning, we further focus on 
installation sounds and operational sounds. 11.9% of the respondents is at least moderately annoyed by 
the sounds of installations (e.g. ventilation, kitchen hood) while 13.7% is at least moderately annoyed 
by operational sounds (e.g. microwave, oven, blender).  

On the other hand, 55% of respondents mention in another part of the survey that the noise level is 
a very important criterium when buying a new kitchen hood. This makes it the criterion that is selected 
by the highest number of respondents as very important, more so than suction power and energy 
efficiency. 

 
Figure 2 – Percentage of the respondents that indicate that they are annoyed by the different categories of 

sounds for several degrees of annoyance. 
As it is well known that personal factors (and in particular noise sensitivity) influence noise 

annoyance it is worth investigating the correlation between the responses on the noise annoyance 
questions and the personal noise sensitivity as evaluated using the Weinstein questionnaire; sound 
question (3). The sum of responses on the sub-questions (including a sign switch where needed) is a 
significant predictor for all noise annoyance questions. However, it should be mentioned that also the 
answer on the questions on annoyance by sound produced by people is a good predictor for the answer 
on the question on annoyance by installation or operational sounds. The latter even produces a slightly 
better linear regression model. 

4. DISCUSSION 
For putting kitchen hood sound in a context where it is usually perceived, kitchen soundscapes were 

investigated. This showed that people perceive the sound environment in their kitchen generally as 
pleasant and calm and tranquil or lively and active. All of these factors have positive valence. This 
may be explained by a strong feeling of control on the sound environment perceived in this context 
[cite reference on control]. In addition, the relatively strong contribution of own sounds during 
cooking may reduce the probability of noticing potentially disturbing sounds [9]. The observation that 
environmental sounds from outside the kitchen (cars, trains, planes) cause high annoyance only for 1% 
of the respondents – while government surveys show values of up to 10% - may confirm this 
observation. 

Moreover, it could be observed that installation sounds and operational sounds, both mechanical 
sounds produced by e.g. the kitchen hood, blenders, ovens, contribute to noise annoyance. However, 
these sounds affect a similar percentage of the respondents as other sounds that could be heard in the 
kitchen context such as pets and humans or sound from outside. It is known since long that noise 
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sensitivity is a stable personality treat that may influence the effect of noise on people [10]. It is partly 
inherited and may influence the way the human brain analysis the auditory scene [11]. Hence, it is not 
unexpected that a significant percentage of the reported noise annoyance is explained by noise 
sensitivity and therefore does not depend strongly on the noise source: a small percentage of very 
sensitive people will experience any additional sound as annoying.  

5. CONCLUSIONS 
The kitchen soundscape was analysed with a focus on the contribution of installation sound and 

operational sound. This puts the design of kitchen appliances in a clearer context where sound quality 
may be less important than their contribution to noise annoyance. Nevertheless , some further analysis 
of the focus group study should reveal whether particular components of the sound contribute more to 
this annoyance. 
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ABSTRACT 
To explore the acoustic environment of sequential spaces, the paper discusses the correlations between 
sound level and five independent dimensions of acoustic environment including loudness, intimacy, 
reverberation, clarity and spaciousness. Two sequential spaces with similar spatial composition were 
selected for questionnaire survey and field measurement. The results showed that under the condition 
of no sound source, sound level only affected loudness. Under the condition of sound source, a higher 
sound level resulted in a higher loudness, reverberation and spaciousness.  Sound level differences 
between the rooms did not necessarily correspond to assessment difference in these three indicators. 
Intimacy was negatively correlated to clarity, and there was a threshold of sound level difference 
related to assessment difference of these two indicators. 
 
Keywords: Sequential Spaces, Sound Level, Subjective Evaluation 

1. INTRODUCTION 
Sequential spaces, defined as a series of spaces connected by openings, is a spatial form widely 

applied in designing non-acoustic spaces such as museums and commercials since 16th century and 
even earlier. Thus, acoustic perception of such spaces is important for indoor soundscape. 

Listeners’ responses have always been the focus of room acoustics. Researches on acoustic space 
are fruitful in this area. Previous studies proposed that there are at least five independent dimensions: 
clarity, reverberant response, impression of space, intimacy and loudness (1). Barron (2) mentioned 
that these five dimensions are not complete or definitive but they have provided a useful starting point 
for further discussion. Ando also showed that a concert hall has four subjective dimensions: loudness, 
reverberance, clarity and spaciousness (3). 

Although loudness may not be the most appreciable indicator for designing a concert hall, the 
importance of acoustic perception is self-evident. The sense of loudness is predictably related to sound 
level and judgements overlap between intimacy and loudness (2). Hase et al. conducted an experiment 
on subjective reverberation in a concert hall with sound level of 70 and 80 dB, respectively, using both 
speech and music signals. The sense of reverberation of 80 dB was stronger than that of 70 dB when all 
other conditions were the same. Therefore, sound level is also considered to affect the reverberation 
(4). Furthermore, either a too high or low sound level will decrease clarity, which will also affect 
intelligibility. In the aspect of spaciousness, previous studies mentioned that when the mean forte 
sound level reaches 90 dB, there will be a satisfied sense of space (5).   

Based on these studies, it can be concluded that sound level is an important objective parameter to 
evaluate the acoustic environment of a space, and there are close correlations between sound level and 
these five dimensions. However, these studies are developed on the researches of single space, which 
could be inadequate to analyse the sound field in non-acoustic sequential spaces (6, 7). Thus, the paper 
selected two sequential spaces, which are similar in spatial conditions, to explore the correlation 
between sound level and five independent dimensions of loudness, intimacy, reverberation, clarity, 
and spaciousness in sequential spaces.  

                                                        
1 tingting.yang.18@ucl.ac.uk 
2 j.kang@ucl.ac.uk 
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2. METHODOLOGIES 

2.1 Site Selection 
The selection of site was primarily based on the consideration of spatial conditions to meet the 

requirements of subjective evaluation and objective measurement.  The paper selected a gallery in 
London for investigation, in which most of exhibition spaces are sequential spaces of different scales 
exhibiting modern arts all the year round. This gallery is an enjoyable place for locals and tourists with 
comparatively high visiting amounts.  

Two sequential spaces which are connected by the concourse on the right and left side were selected 
for the conditions of sound source. Figure 1 shows the floor plan of these two sequential spaces, 
concourse and the location of sound source. The sound source is a large sound installment formed as a 
cylindrical tower with hundreds of radios playing vocals, and music that are virtually unintelligible. 
Figure 2 shows a typical exhibition room. The basic conditions of spatial composition and coupling 
areas as well as design of the interior, exhibition environment, and peak hours of these two sequential 
spaces are essentially the same. Therefore, for the comparative study, the sequential spaces on the right 
side of the concourse in Figure 1 was defined as sound-source-group, and the sequential spaces on the 
left side of the concourse was defined as no-sound-source-group. 

 
Figure 1 – Floor plan of two sequential spaces, concourse and the location of sound source 

 
Figure 2 – Site photo  a typical exhibition room 

2.2 Questionnaire Survey and Field Measurement 
To explore the correlation between sound level and five dimensions, a questionnaire survey on 

subjective evaluation was carried out. The questionnaire consisted of questions on person factors (age 
and sex) and assessments of loudness, intimacy, reverberation, clarity, and spaciousness. The 
respondents were instructed to answer on a five-point unipolar category scale using the following 
response alternatives: (1) “not at all”, (2) “slightly”, (3) “moderately”, (4) “very”, and (5) “extremely”.  

The subjects were randomly recruited among the visitors in the concourse who completed their visit 
to the exhibition space on Level 4. The experiment employed soundwalking and the subjects walked 
individually through the prescribed route and rated the subjective evaluation of each marked room 
while standing in the center of each space. All subjects in the no-sound-source-group took the 
direction from rooms 5 to 8, while the subjects in the sound-source-group were further subdivided into 
two smaller groups. The subjects who took the direction from rooms 4 to 1 were defined as 
towards-sound-source-group, and the subjects who took the direction from rooms 1 to 4 were defined 
as away-sound-source-group. A total of 36 subjects in each group were surveyed based on the criterion 
of normal distribution number that the sample size should be larger than 30. Each 108 subjects 
completed the questionnaire for four rooms, which amounted to 432 valid questionnaires. 
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To measure the mean value of sound level of each room, HEAD Acoustic SQobold was used to 
capture a one minute long recording of the environment close to the place where the subjects filled in 
the questionnaire representing the physical characteristics of the occupied condition. The 
measurements of sound level were averaged as the results. 

3. RESULTS 

3.1 Measured Sound Level 
Table 1 shows mean values and variances of sound level in each room of no-sound-source-group 

and sound-source-group through the measurements during the data collection. For the 
no-sound-source-group, the highest mean value was 59.1 dBA in room 5, while that in rooms 6, 7 and 
8 were basically equivalent. Statistical significance between rooms 5 and 6 was great (mean value 
difference = 2.2 dBA, p < 0.01). For the sound-source-group, the highest mean value was 68.3 dBA in 
room 1, while that in rooms 1 to 4 showed a descending tendency. There was statistical significance 
between rooms 1 and 2 (mean value difference = 5.7 dBA, p < 0.01) as well as between rooms 2 and 3 
(mean value difference = 3.8 dBA, p < 0.01).  

Table 1 – Mean values and variances of sound level of sound-source-group and no-sound-source-group  

 Sound-source-group No-sound-source-group 

 Room 1 Room 2 Room 3 Room 4 Room 5 Room 6 Room 7 Room 8 

LAeq 68.3±2.41 62.6±2.80 58.8±2.95 59.7±3.37 59.1±4.66 56.9±4.81 55.3±5.49 53.8±5.71 

3.2 Correlation between Sound Level and Five Dimensions  
Based on the results of sound level in section 3.1, the correlations between sound level and five 

dimensions were analysed with no-sound-source-group and towards-sound-source-group depending 
on the mean values and their difference among the rooms. 

For the no-sound-source-group, loudness and spaciousness were different between each room (p < 
0.05). Table 2 reveals mean value and variance of loudness and spaciousness in each room. In terms of 
loudness, the highest mean value was rated at 2.5 in room 5, and that in rooms 6, 7 and 8 were basically 
equivalent. There was statistical significance between rooms 5 and 6 (mean value difference = 0.5, p < 
0.01). In terms of spaciousness, the lowest mean value was rated at 2.6 in room 6, and that in rooms 5, 
7 and 8 were basically equivalent. Statistical differences between rooms 5 and 6 (mean value 
difference = 0.6, p < 0.01) and rooms 6 and 7 were great (mean value difference = 0.6, p < 0.01).  

Table 2 – Mean values and variances of loudness and spaciousness of no-sound-source-group  

 Room 5 Room 6 Room 7 Room 8 

Loudness 2.5±0.81 2.0±0.77 2.0±1.07 2.0±0.83 

Spaciousness 3.2±0.95 2.6±0.96 3.2±0.93 3.1±0.95 
 
Loudness was closely related to sound level, and 2.2 dBA difference resulted in different perceived 

loudness in sequential spaces. On the other hand, spaciousness showed a wide disparity with sound 
level. Thus, under the condition of no sound source, spaciousness is not directly related to sound level 
in sequential spaces. 

For the towards-sound-source-group, all five indicators showed statistical significance (p < 0.05). 
Table 3 gives mean values and variances of all five indicators in each room. In terms of loudness, the 
highest mean value was rated at 3.9 and it showed an ascending tendency from rooms 4 to 1. The 
difference between rooms 1 and 2 (mean value difference = 0.9, p < 0.01) as well as rooms 2 and 3 was 
very statistically significant (mean value difference = 0.6, p < 0.01). In terms of intimacy, the highest 
mean value was rated at 3.0 in room 1. Statistical significance was shown in rooms 2 and 1 (mean value 
difference = 0.5, p < 0.05). In terms of reverberation, the highest mean value was rated at 3.2 and the 
difference between rooms 2 and 3 was great (mean value difference = 0.5, p < 0.01). In terms of clarity, 
the highest mean value was rated at 3.2 and there was statistical significance between rooms 2 and 1 
(mean value difference = 0.7, p < 0.01). In terms of spaciousness, the highest mean value was rated at 
3.4 and the difference between rooms 2 and 3 was great (mean value difference = 0.6, p < 0.01).  

Table 3 – Mean values and variances of loudness, intimacy, reverberation, clarity and spaciousness of 
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towards-sound-source-group 

 Room 1 Room 2 Room 3 Room 4 

Loudness 3.9±0.57 3.3±0.59 2.4±0.73 2.2±0.64 

Intimacy 3.0±1.23 2.5±0.88 2.5±1.08 2.1±1.08 

Reverberation 3.2±1.18 3.0±0.84 2.5±0.91 2.6±0.77 

Clarity 2.5±1.06 3.2±0.85 3.2±0.96 3.0±1.11 

Spaciousness 3.4±1.25 3.1±0.82 2.7±0.68 2.9±0.95 
 
Note that assessment difference in loudness between rooms 2 and 3, which was paired with sound 

level difference 3.8 dBA, was larger than that of rooms 1 and 2, which were paired with sound level 
difference 5.7 dBA. This indicates that sound level difference does not necessarily correspond to 
assessment difference in loudness. A positive correlation between sound level and loudness was 
observed, which shows consistency to the results of single space. Intimacy increased with sound level 
as loudness in the room containing the sound source. However, this was not necessarily the case in the 
room with no sound source. Similarly, the result of 0.7 assessment difference in clarity paired with 5.7 
dBA but no difference under 3.8 dBA indicates that 4 dBA sound level difference may not result in 
different perceived clarity, while 6 dBA difference would do. Room with a higher sound level in 
sequential space had a higher reverberation. However, similar to loudness, sound level difference did 
not necessarily correspond to assessment difference on reverberation. It could be also concluded that 
spaciousness is affected by the sound level as well under the condition of sound source and a higher 
sound level resulted in a higher spaciousness in sequential spaces. 

4. DISCUSSIONS 

4.1 Categories of Correlation 
As discussed in section 3.2, correlations of sound level and five dimensions could be divided into 

two categories under the condition of sound source: first is loudness, reverberation and spaciousness. 
Figure 3 shows the tendency from rooms 1 to 4. They are directly affected by sound level. Second is 
intimacy and clarity. Figure 4 shows the tendency from rooms 1 to 4. Both of them show a peak in 
sound source room and a plateau in the other rooms, which indicates a threshold of sound level and 
acoustic perception difference.  

These results also indicate the correlation within the five dimensions in sequential spaces. Note that 
spaciousness is not related to sound level under the condition of no sound source. Thus, it is suggested 
that since designing a sound source in sequential spaces would be very likely to result in a sequenced 
sound level throughout the rooms, a sequenced perception of spaciousness would be created as well.  

 
Figure 3 –Mean value tendency from rooms 1 to 4 (sound level, loudness, reverberation and 

spaciousness) 
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Figure 4 – Mean value tendency from rooms 1 to 4 (sound level, intimacy, clarity) 

4.2 Difference of directions 
To identify the effect of direction in subjective evaluation, a T-test comparison was further 

conducted in the away-sound-source-group. There was statistical significance between loudness and 
clarity (p < 0.05). Table 4 gives mean values and variances of these two indicators. In terms of 
loudness, the highest mean value was rated at 3.1 in room 1 and the difference between rooms 1 and 2 
(mean value difference = 1.2, p < 0.01) as well as rooms 2 and 3 (mean value difference = 0.3, p < 0.05) 
was statistically significant. In terms of clarity, the lowest mean value was rated at 2.4 in room 1. The 
statistical significance between rooms 1 and 2 (mean value difference = -0.7, p < 0.01) was high. 

Compared to the results of loudness and clarity in the towards-sound-source-group, it is observed 
that sound level difference was corresponding to assessment difference in loudness in the 
away-sound-source-group, while in the towards-sound-source-group, a larger sound level difference 
resulted in a smaller difference in perceived loudness. The expectation of loudness in two directions 
was more likely to be different. On the other hand, the difference in clarity in rooms 1 and 2 were 
basically equivalent of these two groups and showed the same tendency throughout the rooms. 

Table 4 – Mean values and variances of loudness and clarity of away-sound-source-group 

 Room 1 Room 2 Room 3 Room 4 

Loudness 3.1±0.55 1.9±0.75 1.6±0.56 1.7±0.72 

Clarity 2.4±0.94 3.1±1.09 3.4±1.16 3.2±1.17 

5. CONCLUSIONS 
The paper took subjective evaluation and objective parameter as the research object exploring the 

correlations between sound level and five independent dimensions of acoustic environment in 
sequential spaces. Under the condition of no sound source, sound level only affected loudness. Under 
the condition of sound source, the result showed that a higher sound level resulted in a higher loudness, 
reverberation and spaciousness. Sound level difference did not necessarily correspond to assessment 
difference of these three indicators. Intimacy was negatively correlated to clarity, and there is a 
threshold of sound level difference related to acoustic perception of these two indicators.  
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ABSTRACT 
In elderly care a nursing home is a facility where on a residential basis different caring functions are taking 
place in order to satisfy the specific care needs of the residents. As in many outdoor and indoor situations, the 
soundscape of such a space, as originated form its acoustic environment, is of crucial importance since it has 
the potential to affect the behaviour of the residents. Apart from sounds originating from the care-related 
interactions between staff members and residents and other typical indoor sound sources like equipment 
noise, a major contribution to the acoustic environment in a nursing home can be the shouting of residents 
themselves. It is known that in case of residents with dementia, shouting behaviour can be a prevalent 
element of BPSD (behavioural and psychological symptoms of dementia). Considering the supportive 
potential of a soundscape, its quality needs to be studied in view of these shouting events. Using signal 
processing techniques applied to datasets obtained in different nursing homes in Flanders these shouting 
events can be detected and allow to describe the shouting behaviour of a resident, the temporal pattern of 
which and its relation to the present soundscape is explored in this paper. 

Keywords: Soundscape, dementia, BPSD, supportive acoustics 

1. INTRODUCTION 
Ageing is a demographic characteristic of our current society and raises a key challenge in 

worldwide care. As cognitive impairment is a common problem for older people, it leads to difficulties 
in their functioning. In case of dementia, this impairment can lead to problematic behaviour, which 
symptoms are known as BPSD (Behavioural and Psychological Symptoms of Dementia). Since 
dementia or dementia symptoms can be observed in more than three-quarters of the residents of 
nursing homes (1) it gives rise to a higher level of work related stress for nursing staff and a lower 
quality of life for residents. Among the different symptoms the agitated and unattended (and often 
repeated) shouting is a specific type of behaviour disturbing the stay of other residents and making the 
work of nursing staff unattractive.  

With the definition of a soundscape (2) a construct is available to account for the perception of an 
acoustical environment as perceived by a person or a group of persons in a specific context. Since a 
nursing home is a specific indoor context, the perceived characteristics can reveal their degree of 
pleasantness and eventfulness (3). In this way soundscapes in some living homes of nursing homes 
have been shown to have a rather monotonous and uneventful nature (4). 

Soundscapes composed of specific acoustic stimuli (e.g. natural sounds) can contribute to a more 
positive perception of the environment and can support the feeling and functioning of a person. Such a 
user was illustrated in (5) where composed continuous daylong soundscapes were delivered to 
residents present in the living rooms or the individual rooms of nursing homes. Such a supportive 
intervention arose from co-creation sessions with staff members and related stakeholders to obtain a 
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broadly accepted composition. 
Considering the acoustic environment, the group of residents showing a disturbing shouting 

behaviour needs special attention. Due to the cognitive impairment the shouting of a resident can arise 
as a reaction to external auditive of visual signals, which sensing is disturbed, or which interpretation 
lacks agreement with the current context (6, 7). As a consequence these shouting events can be 
considered as an indicator of stressful periods or moments of disturbance as experienced by the 
resident. 

For this reason our aim is to study the occurrence of these events. In the present study we restrict 
ourselves to the individual room of a resident in order to have a clear indication of the behaviour of the 
resident and to explore the daily pattern of these shouting events. 

2. METHODS 

2.1 Dataset 
In order to study the acoustic environment a resident is experiencing cost-effective acoustic sensor 
nodes were placed in the individual rooms of different residents at places with reasonable distance 
from specific sources which could bias the results (e.g. television, radio). The sensor nodes were 
connected to a central server to guarantee operation and were equipped with a storage device to allow 
continuous long-time sound recording (16 bits, 48 kHz uncompressed sampling). These sound datasets 
were obtained during the AcustiCare project (8) where the acoustic environment and the soundscape 
characteristics were studied in 5 different nursing homes in Flanders, Belgium (9-12).   
  

2.2 Shouting event detection 
In order to study the shouting events the sound recordings were used to obtain a shouting event 

detector. In the current stage of our work a standard neural network was constructed for this purpose 
(13, 14). The general methodology to obtain such a network is depicted in figure 1. In the construction 
part of this approach training sounds are transferred into a feature set, and on these same training 
sounds manual annotation is performed to obtain the corresponding annotation set. These are used in a 
learning engine where in case of a standard neural network forward and backward propagation 
methods are used to obtain the coefficients of a single hidden layer network. In order to perform the 
training itself the training set is divided in a training and testing set to obtain a performing acoustic 
model. This model is the used in the recognition use when input sounds are processed to obtain the 
output shout annotations. In this way a shouting event detector is obtained. 

Figure 1 – Framework for construction (left) and recognition use (right) of the neural network 
based shouting event detector. 
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3. RESULTS 

3.1 Shouting characteristics 
Unattended shouting is a common sound of specific residents in a nursing home. In general these 

sounds (‘shouts’ or ‘screams’, here referred to as shouts) originate from the human vocal tract and their 
resulting spectrogram structure ranges between a harmonic structure (resulting from almost periodic 
vocal-fold vibrations) to a noise like structure (resulting from completely atonal turbulent air flow) 
(15). In order to illustrate such a sound a spectrogram of such a recording is shown in figure 2. In the 
shouting events the harmonic structure is visible, and in general they show a broad frequency 
bandwidth, extending up to frequencies in the range of 6000-8000 Hz. 

Figure 2 – Example spectrogram of a shouting recording, where time is indicated in seconds. 
Illustrated is a 60 s recording with different shouting events (around 20 – 26 s and around 36-37 s). 

(Other sound elements in this spectrogram arise from a background radio and an alarm clock giving a 
tap every second.) 

3.2 Acoustic shouting detection model 
In order to build the acoustic model features need to be calculated from the time sliced audio 

recordings. Non overlapping time slices of 170.67 ms were processed with this purpose to obtain a 
feature vector containing the following different features subsets: general statistical features (crest 
factor, standard deviation, variance, mean frequency, median frequency and root mean square value), 
MFCC coefficients (as is common in audio processing) and the logarithm of filter bank energies (FBE) 
(16-18). As a preprocessing step a high pass Butterworth (order 8) filter with a cutoff frequency of 500 
Hz was used. The 12 MFCC and the 12 FBE coefficients were calculated for frequencies up to 4000 Hz. 
The chosen frame length was motivated by the observed duration of the shouting events, which show 
a rather slow temporal sequencing. In addition it has the function to smear out the underlying effect of 
elementary sounds (as the tapping of an alarm clock) on the feature vectors. 

   Starting from a manual labelled set of shouting and non-shouting events (with a size of more 
than 1000 frames) a single hidden layer neural network with 15 hidden nodes was constructed using a 
50% split of training and testing sounds. The accuracy obtained for this binary classification achieved 
a value of 0.98 for the weighted averages f1-score. The model was the used to obtain the timing of the 
shouting events during a complete day. The resulting shouting index (count of shouting frames during 
the reference period) of 24 hours of recording in the individual room of a resident is shown in figure 3. 
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Runs on the datasets of other days showed similar results.  

Figure 3 – Shouting index during a complete day (24 hours) as obtained from the acoustic shouting 
detector from the individual room of a resident in a nursing home. 

4. DISCUSSION 

4.1 Detector performance 
While the current shouting detector was targeted to make a distinction between shouting and 

non-shouting events (sounds), a degree in shouting exists among these detected sound elements. Such 
sounds, variants of human vocalizations, can range from breathing sounds, sounds of speaking, 
chattering to screaming, shrieking and other types of related vocalizations. 

Where the feature vector consisted of different subsets of features, it can be assumed that only a 
limited number of features (e.g. the FBE coefficients) can result in acceptable classification between 
shouting and non-shouting events. This would result in an improved processing speed. 

4.2 Daily temporal pattern 
As can be seen from the typical result as presented in figure 3, the shouting index shows clear peaks 

at distinct moments during the day. A strong peak is present around 8 hr and around 12 hr. These peaks 
correspond with the time care interventions are taking place. In the morning, the washing of the 
resident and the breakfast are moments of strong interaction between the resident and the staff, 
typically giving rise to a high level of shouting. The same occurs at noon when lunch is distributed and 
the eating is supported by the nursing staff. In the afternoon a broader peak is present. In general 
dinner takes place around 17 hr and residents are prepared to sleep later in the afternoon. These are 
also moments with staff intervention and are reflected in the typical resulting graph. The broad peak in 
the afternoon can arise from afternoon activities taking place which are not understood by the resident. 
As can be seen shouting is absent during night, but can start already early in the morning, probably 
reflecting wakening of the resident. 

It is clear that the soundscape, reflecting the typical characteristics of the context (in our case the 
context of a nursing home), is the result of the contextual details of the present situation. The social 
interactions, in our case the professional care interactions, are an important component to describe the 
soundscape. Since these interactions are following a specific time schedule, they result in timing 
indications for delivery of restorative soundscape elements. 
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5. CONCLUSIONS 
In order to study the shouting behaviour of residents of a nursing home showing BPSD standard 

signal processing methodologies can be used. Long time recordings in individual rooms of such 
residents were analyzed with this purpose. Based on a feature representation of sound time slices a 
neural network based acoustic shouting detector was constructed. The degree of shouting over time as 
referenced by a shouting index (number of shouting frames in a reference period) can be determined in 
this way, and leads to the temporal pattern of the shouting. As such, this in an indication of the stress 
or unsafety level the resident is experiencing during a day. During care interactions with care staff 
takes place, which can involve manipulations disturbing a relaxed feeling of a resident. These have 
been indicated to give rise to a high shouting level. The temporal pattern reveals important additional 
information for composing a soundscape, as it can be used as a time directive for the delivery of 
specific soundscape elements with an overall restorative purpose. 
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Abstract
Acoustic comfort defined in first approach as the absence of unwanted sounds and the quality of desired sounds
while doing an activity arouses a growing interest in sociology, psychology and building industry. Comfort is
influenced by the acoustic performances of building, by the various types of sound sources, and by individual
aspects (sociological background, musical preferences etc.). A study based on three perceptive tests aims to
address these aspects. The first perceptive test consists in the evaluation of pleasantness for various sound
sources according to their semantic content and their origin (from the neighbor, the outside, or the room).
Thus, 67 focused listeners rated the pleasantness of every stimulus. Statistical analysis showed a consensus on
intrusive sounds coming from outside, people preferring bird songs and rejecting site work sounds. For intrusive
sounds coming from neighbors, there is also a consensus, people preferring classical music and rejecting human
sounds. Participants can be clustered in two groups, one preferring nature sounds and the other preferring music
sounds. Moreover, the ratings of the human sound pleasantness (diner, laughs, etc.) are influenced by the sound
sensitivity of the participant, the more sensitive the less pleasant the sound.
Keywords: Perception, Comfort, Building

1 INTRODUCTION
In residential building, various sound sources may be heard without consent or control. These sounds may have
different origins (from the neighbor, the outside, the room itself, the staircase) and types (mechanical, living,
nature, etc.). Pleasantness of these sound sources may vary according to human preferences and socio cultural
factors. Comfort in dwellings is however generally only based on respect of regulations but the type of sources
that compose the intruding sounds is also important as revealed by a lot of field surveys [1–6]. In order to study
the influence of intruding sources on the comfort inside living room, several perceptual tests are organised in a
laboratory context: (1) study of the source preferences, (2) study of masking sources and (3) study of comfort
due to the combination of the intruding sources (neighbor and outside sounds) in a living room. In this paper,
only the first test is presented. The aim of this test is to characterize the corpus participants who will be
involved into the 3 perceptual tests, focussing on their taste about intruding sounds. The method is based on a
listening approach. Participants are asked to listen carefully every sound stimulus and rate sound pleasantness
on a semantic scale going from unpleasant to pleasant.

2 METHOD AND MATERIAL
2.1 Participants
67 listeners participated in the listening test. An hearing test was conducted for every participant right after
the perceptive test. The audiogram release showed that 1 listener had hearing losses too significant in order to
remain in the corpus based on the audiometric classification of hearing impairment [7]. Among the 66 remaining
participants (42 % male / 58% female), 54% are workers aged 30 to 50 and 46% are students aged 18 to 30.
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All participants grew up in urban or outlying suburbs and they lived in a residential building at the time of the
listening test. Median of the noise sensitivity distribution is about 6.5 over 10 based on a self evaluation scale.

2.2 Sound sources
Semantic categories of urban sounds environments have been studied and defined in the literature [8–11]. Cat-
egorization of environmental sound sources including domestic stimuli have also been studied [12, 13] dis-
tinguishing categories according to their types. Acoustic comfort in residential buildings has been explored
following an on-site approach [1, 2], and [3, 4]. Perceptive questionnaires were filled by residents living in
buildings respectively in Sweden, France, and Finland. Based on this literature review, 35 sound sources have
been selected and presented in table 1. Sound stimuli have been chosen to be the prototypes of their semantic
categories. This corpus of stimuli aims to represent the wide variety of sound sources potentially encountered
in a dwelling. Every sound stimulus is listened at the same equivalent sound pressure level Leq equal to 35
dB(A) so that mostly the semantic content might affect the perception. Background noise in the room is about
23 dB(A). Stimuli were composed in selecting samples from sound libraries (BBC sound library, Free Sound,
Urban Sound, Universal sound bank, and Free sound) or thanks to direct measurements carried out using either
Zoom H7 recorder (with XY mics) or ORTF CCM Schoeps microphones. Each stimulus has a 30 s duration
and is played in loop. In both cases, a mix of Left+Right channels is performed to get mono signals. These
mono signals are then auralized following a method described in section 2.4.

2.3 Building performances
When a sound stimulus encounters a building component, the propagation through the materials filters the in-
coming signal. In order to account for the building acoustic performances, simulation is carried out based on
Statistical Energy Analysis (SEA). SEA calculation is described in standard NF EN 12354-1 [14]. Simulations
are based on a building described in in table 2.

2.4 The laboratory
The laboratory and its sound reproduction system have been presented at CFA’18 [15].

Figure 1. Picture of the spatial-
ized sound reproduction labora-
tory (La MIR, Neuville sur Oise,
France)

Figure 1 presents a picture of the furnished laboratory/living room. The
sound reproduction system consists in 16 Yamaha HS7-I speakers and 1
Genelec 7070A subwoofer driven by 1 audio processor Yamaha DME64N.
Sound strategies are designed and controlled through the software Max/MSP
7. As described in table 1, neighbors sound sources may have two different
origins, either from above or next door and outdoor sounds all come from
the front facade. Auralization strategy consists in placing 9 regularly spaced
virtual point sources for radiating surfaces of the room (the facade, the ceil-
ing, and the adjacent neighbor’s partition). Every point source is then spa-
tially rendered using Vector Based Amplitude Panning (VBAP) [16]. The
ventilation coming from the room itself is auralized as a point source virtu-
ally placed at 138 deg. in azimuth and 43 deg. in elevation.

2.5 Subjective assessments and questionnaires
Participants were asked to listen carefully to the sounds for 30 seconds be-
fore answering on a tablet controlled with the software Max/MSP 7. The
General User Interface (GUI) consists in 6 tactile sliders going from -50 to
+50 (-50: Unpleasant; 50: Pleasant) corresponding to 6 sounds evaluated at the time. Every stimulus is listened
separately. On the other hand, a questionnaire has been designed to evaluate mostly non-acoustic factors. The
questionnaire is organized in five main parts (general information, feedbacks on the listening test about sound
realism and ability to identify the origin of sound, participant’s dwelling description, sound sensitivity evaluation
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Table 1 – Sound stimuli description

Designation Description Type Origin
Traf. Urban trafic on Paris street Mechanical

Facade

Steady Traf. Highway Trafic Mechanical
Hum. & Traf. Trafic on small street with human voices Mix*

(child and woman) and footsteps
Hum. & Traf. 2 Trafic on small street Mix*

with human voices and footsteps
Traf. & Nat. Trafic, storm and rain Mix*
Traf. & Nat. 2 Trafic, and birds chirping Mix*
Nat. & Hum. Children playing and birds chirping Mix*
Nat. & Hum. 2 Bird chirping, Mix*

people chatting and walking
Hum. People talking Living
Nat. Birds chirping, water streaming Nature
Nat. 2 Water streaming Nature
Hum. & Traf. & Nat. Birds chirping, cars passing, Mix*

child talking, and footsteps
Road work Work site with jack-hammer blows Mechanical
Flyover Aircraft flyover Mechanical
Vacc. next door Vacuum cleaner Mechanical

Neighbor next door

Washer Washer in spinning mode Mechanical
Flush Pipe noise of toilet flushing Mechanical
Diner neighbors talking, laughing Living
Party Music and neighbors talking, laughing Mix*
Argument Woman arguing Living
Children next door Children playing with furniture ratting Living
Children next door 2 Voices of children playing Living
TV Doc. Television broadcasting Living

an BBC wildlife documentary
TV Film Television broadcasting the film Living

The Dark Knight
Music LF next door 2.1 HI-FI system playing Hip-Hop music Music

Kendrick Lamar - Humble
Music Pop. 2.1 HI-FI system playing Music

Pop. music Ed Sherann - Shape of you
Music Guitar neighbor playing the guitar Music

Erik Satie Gnossienne No. 01
Music Piano neighbor playing the piano Music

Chopin Nocturne No. 20 in C-Sharp Minor
Tears Woman crying Living
Work neighbor’s drill working Mechanical
Vacc. above Vaccum cleaner Mechanical

Neighbor from aboveChildren above Children playing with furniture ratting Living
Music LF above 2.1 HI-FI system playing Hip-Hop music Music

Kendrick Lamar - Humble
Ventilation Ventilation system Mechanical From the room
Staircase Footsteps and slamming door Living Neighbor next door

in staircase

based on Griefahn [17] questionnaire, and quality of life assessment [18].

2.6 Procedure
Listeners were first informed of the nature of the experiment (Pleasantness evaluation of several sound stim-
uli). The experiment started with a training session consisting in four stimuli allowing the listeners to become
familiar with the computer tool and to the various types of sound sources they may listen. The listening test
was then carried out. Six sound stimuli are rated on the same screen. Once the 6 first stimuli are listened and
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Table 2 – Acoustic performances of the building components simulated for the perceptive test. Global indicator
Rw computed according to ISO 717/1 standard.

Facade Floor Neighbor’s lateral wall
12cm concrete 4mm glazing 15cm concrete Alveolar partition 72

Rw(C;Ctr) (dB) 57(-2;-6) 22(0;-1) 57(-2;-6) 29(-1;-1)

assessed, participants may continue to the next sheet to listen and evaluate the next sounds and so on until the
35th stimulus. At any time, participants are allowed to go back to the previous sheets in case they wish to
change their ratings or listen again previous sounds stimuli. The origin of the different sounds was not speci-
fied. As soon as they finished the listening test, they filled the final questionnaire. Finally, an audiogram test
was performed and participants could leave the session with their audiogram.

3 RESULTS
3.1 Sound localisation: Neighbor above & next door
As described in table 1, three sound sources have been listened from two specific directions, one time coming
from the ceiling, the other coming in direction of the neigbor next door from the right. This duplication on
two distinct directions is meant to evaluate whether the origin of sound influences the pleasantness assessment.
Results show that mean and median values for each pair are very close (maximum 2 pt. differences in mean
on the 100 point scale). Paired Student tests have also been carried out and results show that mean differences
are not significant since p-value > 0.05 in all cases. Hypothesis H0 : µ0 = µ1 is accepted, there is no significant
difference of pleasantness according to the origin of sound when the origin is clearly identified (from ceiling
Vs. next door). For the rest of the study, all assessments of sounds heard from the ceiling were removed from
the dataset so as not to artificially increase their influence in the analysis.

3.2 Principal Component Analysis (PCA)
PCA allows to get summarized results to better understand how participants evaluated the stimuli.

Figure 2. Correlation diagram projected on
the two main dimensions of variability

The principal components are the principal axes of variability
in the dataset. When the dataset consists in a large number of
variables, PCA analysis tends to summarize all variables in a
few dimensions for which inertia is maximized. At first, PCA is
carried out in taking every participant as a variable. This first
PCA should help regrouping highly correlated individuals and
has been carried out using the programming language R, in ap-
plying the PCA() function available in FactoMineR package de-
veloped by Lê; Josse; Husson [19]. Results are presented on fig.
2. Figure 2 shows the two main dimensions of variability (70%
of the total variability) and the correlations of every participant
to both axes. First, the diagram demonstrates that the first axe
of variability is consensual. Indeed, almost all participants are
highly and positively correlated to the first axe. Figure 3a shows
the sound stimuli on this plan of maximal variability (Dimen-
sions 1 & 2). The consensus is found both for intrusive sounds
coming from the neighbor as well as from the outside. For intru-
sive sounds coming from outside, people prefer bird songs and
reject site work sounds. For intrusive sounds coming from neigh-
bors, there is also a consensus, people preferring classical music and rejecting human sounds. Moreover, the
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mean variable, ie the average over all participants for every stimulus is computed. Then, the correlation co-
efficient between the first principal component and this vector "Mean" is calculated and found equal to 1.0 as
showed in blue on fig. 2. The first component of maximal variability is the mean of pleasantness for this corpus
of sound stimuli. Sound stimuli with a low and negative coordinate on the principal component are unpleasant
in average and those with high and positive coordinates are pleasant in average. Figure 2 shows that one group
of participants is very correlated to the mean and the first principal component. Indeed for 27 participants,
correlation between their individual responses profile and the mean variable is equal or higher than 0.80. In
contrast, participants 18 and 21 who are opposed on dimension 2 are among the least correlated variables.
Second, in order to interpret what dimension 2 refers to, fig. 3a shows the sound stimuli on the same plan
of maximal variability. Correlations of participants 18 and 21 on both dimensions are presented again as a
reminder. Dimension 2 is mostly influenced by the participants’ preferences regarding music stimuli compared

(a) Correlation diagram (b) Pleasantness ranking

Figure 3. Sound pleasantness profile for the 35 stimuli. (a) Representation on the correlation diagram ; (b)
Rank of typical sound sources in residential building - Mean sound pleasantness and standard deviation

to nature stimuli. For instance, participants 18 and 21 are opposed on dimension 2. Participant 21 perceives
pleasant all kind of music stimuli coming from the neighbor. His preference goes toward the music stimuli
rather than stimuli of nature. Participant 18’s perception is the opposite, preferring sounds of nature coming
from the outside compared to any kind of music stimuli coming from the neighbor.
So this analysis discriminated two groups of participants, one which appreciates music whereas the other appre-
ciates the natural sounds such as bird songs. Non-acoustic describing these two groups have not been found.
Finally, PCA showed that even if there is significant inter-individual variability, the main source of variability
in the dataset is the mean pleasantness variable summarizing 60% of total variability. Ranking sound sources
pleasantness according to their mean is presented on fig. 3b. In average, only 6 sound stimuli have been per-
ceived positively (sounds of nature and sounds of music). In contrast, the most unpleasant sound in average are
the site work and trafic from the outside, and all human related activities such as a party, a woman crying, or
some footsteps from the neighbor or the staircase.

3.3 Clustering into 2 groups
Hierarchical Clustering on Principal Components (HCPC) is carried out to show relations between partici-
pants based on the similarities in their pleasantness profile [19]. Similarities are measured based on the eu-
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clidean distance following Ward method (minimization on the inter-cluster variability). HCPC results are pre-
sented in a dendrogram on fig. 4. In order to decide how many clusters must be taken into account, 3
statistical methods have been tested. The result depends on the method (elbow, silhouette, or gap statistic)
and varies from 1 to 4 recommended clusters. The choice of two clusters is finally confirmed due to the
ease of the interpretation. Group 1 and 2 consist in respectively 32 and 34 individuals. These two groups
are made of other participants than those formed thanks to the PCA and defined due to music preferences.

Figure 4. Participants dendrogram from HCPC
following Ward method

Two types of tests have been carried out in order to char-
acterize these two groups. Based on the questionnaire an-
swers, some pieces of information are either on the qual-
itative form or on the quantitative form (noise sensitivity,
age, etc.). In order to evaluate whether a quantitative vari-
able characterizes one cluster, 1 statistical test is carried
out for each cluster and for every quantitative variable. The
v.test as defined in section 3.3 of FactoMineR package de-
scription [19], tends to compare the values taken by the
variable for a given cluster compared to those taken by a
random variable. If the hypothesis H0 assuming that the
values taken by the variable for the given cluster are ran-
dom, then the quantitative variable does not describe the
cluster. In contrast, if the values taken by the variable for the given cluster are unlikely to follow a random
distribution, then the quantitative variable well characterize the cluster. Results of the v-test1 are presented on
table 3. Table 3 presents 12 of the variables for which the v.test is higher than 1.96. The p-value describing the
risk to be wrong in assuming H0 invalid is also presented with the addition of the mean and standard deviation
of the quantitative variables in each cluster compared to overall. Two descriptive variables (not used for the

Table 3 – Description of clusters through quantitative variables

Designation v.test p.value Mean in category (± SD) Overall mean
Cluster 1 Cluster 2

Sensitivity 2.91 3.60e-03 7.03±1.41 5.94±1.38 6.47±1.50
Acoustic comfort -2.11 3.50e-02 2.81±1.18 3.47±1.24 3.15±1.26
Children next door -6.01 1.88e-09 -40.12±9.65 -14.76±12.73 -27.06±17.01
Staircase -5.29 1.21e-07 -40.62±11.08 -17.97±14.59 -28.95±17.25
Diner -4.81 1.48e-06 -37.28±12.82 -15.15±16.56 -25.88±18.52
TV Film -4.72 2.35e-06 -32.84±13.20 -14.03±12.85 23.15±16.06
Hum. -4.25 2.15e-05 -26.00±16.14 -7.53±13.60 -16.48±17.52
TV Docu. -4.14 3.39e-05 -31.34±15.95 -12.21±15.95 -21.48±18.60
Party -4.41 3.39e-05 -31.34±15.95 -15.15±19.39 21.48±18.60
Argument -3.95 7.72e-05 -41.31±12.40 -22.82±19.47 -31.79±18.85
Work -3.79 1.52e-04 -47.15±12.24 -35.64±14.24 -41.23±12.24
Children next door 2 -3.75 1.75e-04 -32.94±14.24 -17.02±15.90 -24.74±17.08

HCPC calculation) have a significant contribution to describe the two clusters: the evaluation of noise sensitivity
and the evaluation of how the participants perceive the acoustic acoustic comfort in their dwelling. Statistical
analysis shows that noise sensitivity for participants in cluster 1 (respectively in cluster 2) is significantly higher
(resp. lower) than the overall mean sensitivity. Moreover, participants in cluster 1 feel less satisfied with their
home’s acoustic comfort than participants part of cluster 2 (2.81 resp. 3.47) compared to the overall mean eval-
uation of comfort (3.15/5).
Participants in cluster 1 are more sensitive, are less satisfied of the acoustic comfort in their dwelling , and
perceive more unpleasant intrusive sounds related to human activity (Children playing, Footsteps in the stair-
case, Diner, Film etc.). In contrast, participant in cluster 2 are less sensitive to noise, are more satisfied of the

1"v.test" values are only mentioned for the cluster 1. For the cluster 2, they are the same in absolute but with the opposite sign
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acoustic comfort in their dwelling, and perceive more pleasant intrusive sounds related to human activity. The
other two quantitative and descriptive variables (self-evaluation of life quality, and age) do not describe these 2
clusters. χ2−tests have not allowed to better describe the clusters with the remaining descriptive and qualitative
variables. For instance, there is not significantly more workers aged 30-50 and less students aged 18-30 in 1
cluster. Moreover, mean sound pleasantness per cluster and per sound stimulus are calculated and presented on
fig. 5. In general, participants in cluster 1 evaluated less pleasant almost all sound stimuli. Mean differences
are significant.

Figure 5. Clusters comparison - Mean sound pleasantness according to the sound stimuli

4 CONCLUSION
Subjectivity in human perception generates variability when evaluating the pleasantness for the various types
of sounds in residential building. The present study aims to quantify this variability and evaluates whether it
can be explained by individuals preferences or socio-cultural factors. In order to address this problematic, a
listening test was conducted in a sound spatialization laboratory. Pleasantness of 35 sound stimuli has been
rated on a semantic scale from unpleasant to pleasant. Principal component analysis revealed a consensual
dimension highly correlated to the mean pleasantness variable. Some sounds are perceived either unpleasant for
all (site work, trafic, or neighbor’s work) or pleasant for all(sounds of nature, classical music). Human activities
coming from neighbor are also perceived unpleasant. However, PCA and HCPC found out two main viewpoints.
One group dislikes human related activities coming from the neighor with a rating much lower than the other
group. This group is composed of individuals more sensitive to noise in average and are unsatisfied with the
acoustic comfort at home. In contrast, the second group is made of people rather less sensitive to noise and
more satisfied with their dwelling acoustic comfort. They seem to better tolerate intrusive sounds since they
rated more pleasant almost all sound sources. Preferences are also found out regarding sounds of nature versus
sounds of classical music indicating that even if all of them are perceived pleasant, one group of individuals
prefers intrusive classical music coming form the neighbor whereas the other group prefers listening to sounds
of nature coming from the outside of the building.
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ABSTRACT 
We refer to “Multi-group conversation space (MGCS)” as a space where more than one groups share a 

space and make conversations within the groups, such as restaurant or café. In this study, we investigated 
acoustic comfort in MGCS considering speech intelligibility and speech privacy as major factors by 
conducting acoustic measurements and a questionnaire survey to the customers for four days in an actual 
café. The volume of background music (BGM) during operating hours was changed each day at three levels 
of low, middle and high and no BGM. The indoor noise levels were measured at six representative points 
with six sound level meters hung from the ceiling. The questionnaire consisted of eight items including ease 
of making conversation, comfort, and atmosphere (lively/relaxed). The customers were asked to answer 
questions at their table after having their meal or drink and, at the same time, the occupancy of neighboring 
table and the number of customers in the café were recorded. Results show that the ease of conversation 
tended to be evaluated better when the volume setting of the BGM was middle level than other settings. Also 
the impression evaluation varied by gender, age, or seat position and occupancy. 
 
Keywords: BGM, acoustic comfort, café, ease of talking 

1. INTRODUCTION 
There are rooms, such as restaurant or café, where more than one groups share a space and make 

conversations within the groups and we refer to such spaces as “multi-group conversation space 
(MGCS).” It would be not easy to make conversation when a MGCS had little sound absorption 
because of a poor speech intelligibility caused by much reverberation, but it would also be not easy 
when a MGCS had much sound absorption because the conversation, particularly a business talk or a 
talk of private matters, could be clearly heard between groups. Thus it should be assumed some 
optimal range of acoustic condition for a comfortable conversation in which both speech intelligibility 
and speech privacy are adequately balanced and the purpose of this study is to investigate such a range 
of the acoustic condition regarding background sound and reverberation. Rindel (1) proposed a simple 
prediction model for the noise level in restaurant due to many people speaking in a room considering 
the Lombard effect and provided the recommended minimum absorption area, such as 17 m2 for “good” 
verbal communication. Also Rindel (2) proposed a simple evaluation index of “Acoustical capacity” 
for the speech intelligibility in eating establishments. Astolfi et al. (3) made an attempt to investigate 
the acoustical quality in restaurants regarding speech privacy and intelligibility by conducting a 
survey in four pizzeria-restaurants in which seat density and sound absorption were discussed with 
subjective evaluations. Nahid et al. (4) performed a simulation subjecting actual eating establishments 
to find a balanced condition of good speech intelligibility within a table and good speech privacy 
between tables and the result indicated that tall and absorptive barriers, which might not be suitable 
                                                        
1 182d8435@st.kumamoto-u.ac.jp 
2 hiraguri@arch.kindai.ac.jp 
3 kkawai@kumamoto-u.ac.jp 
4 m-ueda@ic.kanagawa-it.ac.jp 
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in eating establishments in terms of space and interior design, are effective. As well as architectural 
aspects, background music (BGM) is an important element of acoustic design in MGCS and this has 
been studied considerably such as Novak (5). As a whole, studies are still few on the acoustic quality 
in MGCS and more investigation for comfortable acoustic condition in terms of speech intelligibility 
and privacy with factors of background sounds and noises and sound absorption should be needed. 
Thus, in the present study, a field experiment with questionnaire and acoustic measurement was 
conducted in an actual café, varying the level of BGM. 

2. SPACE OF FIELD EXPERIMENT 

2.1 Overview 
The experiment was carried out on four days in December 2018 at a café in Kinosaki town, Japan. 

The building originally was an old fire station with RC structure and converted into a café with a 
small art gallery in September 2018 (Fig. 1). The floor plan, dimensions and interior surface materials 
are presented in Fig. 2 and Tables 1 and 2. Although sound absorptive material (wood wool cement 
board) was used on the ceiling, the space had a long reverberation time due to the high ceiling and 
other reflective surfaces, as described later. The café had ten tables to which IDs from A to I were 
assigned as target tables and ID X was assigned as the experimenter table. Six sound level meters 
(NL-42; Rion Co. Ltd.) were hung 1 m from the ceiling as receiving points for noise measurements. 
The noise levels at each of the tables (A-I in Fig. 2) was assumed as the level of the nearest receiving 
point or the mean value of the nearest two receiving point if the distances to the two point was similar.  

Table 1 Room dimensions 

Floor 92.3 m2 

Volume 285.2 m3 

Surface 319.1 m2 

Height 3.3 m (3.0, 3.6 m) 
Seats 43 

 
Table 2 Interior surface materials 

ceiling Wood wool cement 
board 

wall Beton brut + 
emulsion paint finish 

floor Beton brut and 
carpet 

 

Fig. 1 Inside picture of café U. Fig. 2 Floor plan. 
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2.2 Background Sounds 
The main background sounds without 

conversation in the cafe were BGM and 
operating noise of the air-conditioning unit. The 
BGM was played from two loudspeakers 
(Electro-Voice S40W) at one end of the room, 
which created a difference in sound pressure 
levels depending on the distance from 
loudspeakers. The BGM volume was set at four 
conditions (none and three levels of volume) and 
changed in each of the four days of the 
experiment as shown in Table 3. In order to set 
the BGM volume conditions, “high” condition 
was judged by the experimenter at the nearest 
seat of the loudspeakers as the upper limit of the 
subjectively comfortable volume range. Then 
“mid” and “low” conditions were set at 4.8 dB 
and 9.6 dB lower, respectively, than the “high” 
condition as 1.6 dB was the step of the volume 
dial. The BGM playlist was “Carpenters (name 
of musician duo)” channel (USEN MPX-1 
00032) in which several dozens of the songs of 
Carpenters were randomly played. 

The air-conditioning noise was derived by the 
operation of a large fan coil unit installed on the 
ceiling. The noise was measured without BGM 
and customers in the café. The assumed noise 
levels attributable only to the air-conditioning 
noise and only to the BGM at each table are 
presented in Table 4. 

The air-conditioning noise levels was rather high at 56–60 dB and higher than the BGM level at 
most of the tables with the “low” condition and at the D, E and F tables with the “mid” condition. The 
BGM levels varied 52-69 dB, 17 dB difference, depending on the volume conditions and the table 
location. The 4-7 dB difference in the BGM level on the same day between the tables A-C and D-I 
was similar to or greater than the level differences between one step of the BGM condition. 

2.3 Acoustic Characteristics  
Room impulse responses were measured using a swept-sine signal emitted by an omnidirectional 

loudspeaker to calculate reverberation time and intelligibility indices (STI and D50). Five source 
points were set at positions of a chair of different tables and two receiving points were set at distances 
of 1 m and 5 m from each of the source points (Fig. 2). The two receiving points were assumed to 
represent voices within groups and voices coming from distant tables. 

Mean values and standard deviations of these indices are shown in Table 5. The reverberation time 
was 1.0 s and the estimated average sound absorption coefficient by the Eyring’s formula was 0.14. 
The STI of 1 m / 5 m was 0.77 / 0.63, respectively. This indicated good speech intelligibility not only 
within a table but also between distant tables, which might cause a lack of speech privacy when 
background noise was low. Rindel proposed Acoustical Capacity (AC) to estimate the quality of verbal 
communication. AC is calculated from the reverberation time (T) and room volume(V): AC = V / 20T, 
and in this case was 13. The ratio of the total number (fully occupied) of seats (43) to AC of this café 
was 3.0 and the ratio of the condition during the experiment was around 0.6 in average and 2.0 at the 
most. AC <1 is evaluated “sufficient” and the ambient noise level at AC = 0.6 is estimated as 65 dB 
according to Rindel. The 65 dB seemed close to the actual level as shown in Fig. 3. 

3. EXPERIMENTAL IMPLEMENTATION 

3.1 Questionnaire Survey 
A questionnaire survey was administered to elicit the impressions of customers of the acoustic 

Table 3  BGM volume conditions 

 Day 1 
(Wed) 

Day 2 
(Fri) 

Day 3 
(Sat) 

Day 4 
(Sun) 

BGM no high mid low 

level ― ±0 dB -4.8 dB -9.6 dB 

Table 4  Estimated sound level at each table 

ID SLM AC only 
[LAeq, dB] 

BGM only [LAeq, dB] 
low mid High 

A 1&2 57.8 58.3 63.1 67.9 
B 1&2 57.8 58.3 63.1 67.9 
C 2 57.8 59.0 63.8 68.6 
D 3 59.8 53.8 58.6 63.4 
E 3&4 59.1 54.1 58.9 63.7 
F 3 59.8 53.8 58.6 63.4 
G 4 58.2 54.4 59.2 64.0 
H 5 56.5 52.0 56.8 61.6 
I 5 56.5 52.0 56.8 61.6 
※ background noise was about 50 dB 

Table 5  RT and intelligibility indices 

Distance [m] T30 [s] STI 𝐷𝐷50 

1.0 
1.0 (0.02) 

0.77 (0.01) 0.83 (0.03) 

5.0 0.63 (0.02) 0.50 (0.08) 
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environment and the relation between impressions and acoustic properties. The questionnaire 
consisted of 13 items: (i) eight items about impressions of the acoustic environment with four or five 
step evaluation scales (Table 6), (ii) individual attributes, (iii) purposes of use, and (iv) an open 
question for free comment. As for a question about reverberation, the actual question sentence was 
"To what level dose sound carry in this café?" considering that respondents might not know or notice 
reverberation. The questionnaire sheet was also prepared in English and Chinese version for foreign 
visitors.  

The questionnaire was carried out during the whole opening hours (8 AM–6 PM). The experimenter 
(2 people) stayed at table X (Fig. 2) all the time and handed customers the questionnaire sheet after a 
certain time they made conversation in the café, such as when they had finished eating or drinking. 
They were not given explanation about the questions and wrote down the answers by themselves. At 
the same time, they were answering the questions, we recorded the number of all the customers in the 
café and their seating tables every 10 min. In total, 265 customers (109 male and 156 female) 
responded (Table 7) and, among them, there were 12 foreign respondents from China (6 people), Hong 
Kong (2 people), Thailand (2 people), Taiwan (2 people), and Malaysia (2 people), respectively. 

3.2 Noise Level Measurement 
The noise level was measured continuously during the opening hours on 4 days by six sound level 

meters (NL-42; Rion Co. Ltd.) hung at 1 m from the ceiling. The LAeq,10 min and LA95,10 min (energy 
average values of the six receiving points), the number of customers, and the turning on/off of air-
conditioning unit are portrayed in Fig. 3. On Day 1, the fluctuation of LA95 was greater than those on 
the other days due to the condition of no BGM. Actually, LA95 was affected greatly by the intermittent 
operation of the air-conditioning unit. Such a fluctuation was also seen with “low” BGM condition on 
Day 4 but when the BGM condition was “mid” or “high,” the noise level became rather stable because 
the BGM level excessed the air-conditioning noise level. 

The noise level received by each respondent (Lreci : receiving level) was defined as the LAeq of the 
measured noise level of each of the table during the time from when the customer seated the table to 
when they finished answering the questions. The Lreci were distributed 53-69 dB. 

Table 6 Items of impression evaluation 

Q 1 Very comfortable ― Uncomfortable 

Q 2 Relaxed  ― Lively 

Q 3 Easy to carry out 
a conversation ― Difficult to carry out 

a conversation 

Q 4 Not at all noisy ― Extremely noisy 

Q 5* Not at all bothered by 
nearby conversations ― Extremely bothered by 

nearby conversations 

Q 6** Not at all reverberate ― Extremely reverberate 

Q 7** Not difficult to hear 
within the group ― Extremely difficult to hear 

within the group 

Q 8 Low (BGM volume) ― High (BGM volume) 

* five-point bipolar scale  ** four-point unipolar scale + “difficult 
to judge” 

Table 7 Customer attributes 
 

BGM 
volume 

 Age group 
Total –24 25– 

34 
35– 
44 

45– 
54 

55– 
64 65– 

Day 1 no M 2 1 1 2 0 1 7 
F 4 3 0 4 6 3 20 

Day 2 high M 1 4 1 3 8 8 25 
F 2 4 2 3 8 4 23 

Day 3 mid M 4 7 1 4 6 2 25 
F 6 7 6 10 7 4 41 

Day 4 low M 19 9 4 2 10 8 52 
F 19 15 8 14 6 10 72 

Total 57 50 23 42 51 40 265 

 

Fig. 3 A-weighted sound pressure level and number of customers. 
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4. RESULT 

4.1 Impression Evaluation 
Results for the eight impression questions by the BGM conditions are shown in Fig. 4. The number 

of respondents in each BGM condition varied as shown in table.7. In general, negative responses were 
rare as the field was a comfortable café. Some negative answers were found in Q4, Q7 or Q8 when 
the BGM was “high.” In Q8, the answer greatly changed with BGM conditions but not evaluated 
uncomfortable in Q1, which indicated the BGM volume conditions were adequate. 

Regarding the questions related to conversation, the negative answer to Q3, related to conversation 
comfort, was fewer with “low” and “mid” BGM than with “no” or “high” BGM. The negative answer 
to Q5, related to speech privacy, was the fewest with “mid” BGM and increased in “high”, “low” and 
“no” in this order. As for Q7, related to speech intelligibility, there was no negative answer with “no” 
BGM and the negative answer increased along with the volume of the BGM. As a whole, these result 
implied that the comfortable condition for conversation could have both aspects of speech 
intelligibility and privacy. 

4.2 Effects of Neighboring Table Occupancy on Impression Evaluation 
The result of Q3: “ease of conversation” indicated that the evaluation was better with “low” and 

“mid” BGM than with “no” or “high,” as shown in Fig. 4. Here this tendency will be further discussed 
with regard to the occupancy of neighboring tables. Figs. 7 and 8 show the ratio of negative answers 
to Q3, namely, “difficult” and “slightly difficult” by the occupancy of the neighboring table of the 
respondent for either BGM conditions or Lreci, respectively. Fig. 7 shows the mean plot of the answers 
to Q5: “bothered by nearby conversation” and Q7: “difficulty to hear within the group” also by the 
occupancy of the neighboring tables and BGM conditions. The occupancy of the table was observed  

Fig. 4 Results of evaluation. 
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throughout the experiment by the experimenter positioned at the table X in Fig.2 and “occupied” was 
defined as the situation that any of the surrounding neighbor tables of a respondent was seated by any 
other customer(s). 

As seen in Fig.5, the ratio was the lowest with “mid” BGM and followed by “low,” “no,” and “high” 
in this order. Regarding the occupancy of the neighboring tables, the ratio in occupied situation was 
higher than in unoccupied situation with “mid” and “high” BGM while the ratios were similar with 
“no” and “low” BGM. Particularly, the ratio was high with “high” BGM at 25 % when occupied, 2.5 
times more than when unoccupied. The result with Lreci was similar but the ratio in unoccupied 
situation was rather higher than that in occupied situation when the Lreci was less than 63 dB (Fig. 6). 
The situation where the neighboring table was occupied and Lreci was low could be assumed that the 
customers of the neighboring table were quiet and this result might come from this kind of situation. 

Presumably BGM would mask surrounding sounds and the conversation from other tables might 
become less bothering. However, the result of Q5 in Fig.7 was opposite such that the evaluation 
relatively became more bothered with “mid” and “high” BGM when the neighboring table occupied. 
Also in Q7, the evaluation became the more difficult to hear with the higher level of BGM when the 
neighboring table was occupied. 

5. THE CUSTOMER CLUSTERING 
A correlation matrix for items of impression evaluations is shown in Table 8. Seven items other 

than Q8: “feeling about BGM volume” were correlated at r = 0.3–0.5. To classify the items, a factor 
analysis was performed for seven items other than Q8, which can naturally be regarded as an 
independent item that is simply affected by the BGM level. Factors were extracted with eigenvalues 
of 3.41, 0.81, 0.70, etc. Therefore, we made a varimax rotation for the top two factors. The resultant 
factor loadings are presented in Table 8. The first factor was interpreted as related to comfortableness 
or sound level nearby the respondent, which highly correlated with the Q2: “room atmosphere (lively/  

Fig. 7 Evaluation by BGM level and 
occupancy of neighboring table. 

Fig. 5 Difficulty of conversation by BGM 
volume and neighboring table occupancy. 

Fig. 6 Difficulty of conversation by noise 
level and neighboring table occupancy 
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Table 8 Correlation matrix of questionnaire items and factor loadings 

Item (1) (2) (3) (4) (5) (6) (7) (8)   Item F1 F2 
(1) comfort           (2) relaxed 0.83 0.16 

(2) relaxed / lively 0.52          (4) noisiness 0.76 0.24 

(3) easiness of carrying 
  out a conversation 0.41 0.52         (1) comfort 0.71 0.24 

(4) noisiness 0.44 0.59 0.40        (5) bothered 0.65 0.25 

(5) bothered by nearby 
conversations -0.41 -0.39 -0.40 -0.49       (7) difficulty 0.13 0.86 

(6) room reverberant -0.36 -0.35 -0.37 -0.39 0.34      (6) reverberant 0.28 0.66 

(7) difficulty to hear 
  within the group -0.33 -0.30 -0.45 -0.36 0.31 0.34     (3) easiness 0.51 0.54 

(8) volume of BGM -0.08 -0.13 -0.11 -0.16 0.00 0.30 0.19    Contribution 36% 24% 

 
Table 9 Number of respondents in each cluster 

Cluster 
Gender Location of table BGM volume 

Total 
Male Female A–C D–G H–I no low mid High 

C1 43 42 36 36 13 5 51 14 15 85 
C2 27 30 35 17 5 2 20 19 

 
16 57 

C3 38 82 35 68 17 19 52 33 16 120 
Total 108 154 106 121 35 26 123 66 47 262 

 

Fig. 8 Variation of impression evaluations of each BGM volume and classification of respondents. 
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relaxed),” Q1: “comfort,” and Q5: “bothered by the nearby conversations.” The second factor was 
interpreted as related to speech intelligibility, showing high correlation with Q7: “difficulty of hearing 
within the group” and “room reverberant.” 

We sought some patterns of respondents’ evaluation tendencies. A k-means cluster analysis (k=3) 
was applied using the two factor scores of each respondent as Euclidean distance. Fig. 8 shows the 
mean values of items of Q1: “comfort”, Q2: “room atmosphere (lively/relaxed),” Q3: “ease of 
conversation” and Q7: “difficulty of hearing within the group” by three clusters (C1, C2, and C3). 
The cluster profile is shown in Table 9. Typically, C1 had many respondents in a “low” BGM; C2 had 
many respondents close to the loudspeakers with high BGM. C3 consisted of many women and many 
respondents far from the loudspeakers. 

Regarding the evaluation patterns, C3 evaluated positively overall. The relative changes of 
evaluation to the four items along with the BGM volume were similar between C1 and C2, while C2 
evaluated more positively than C1 for the three items other than Q3: “ease of conversation.” Regarding 
the item of “ease of conversation,” C2 evaluated negatively in the no BGM while C1 and C2 showed 
similar evaluation when the BGM was played. Although this result was not significant because of a 
limited sample size, this result implied that some customers might not prefer a quiet situation when 
making conversation. 

6. CONCLUSIONS 
In this study, a field experiment was conducted in an actual cafe with varying BGM volume 

conditions and evaluations of customers for items particularly addressing conversations in multi-
group conversation space (MGCS) were investigated along with the acoustic conditions and customers’ 
location. 

The results are summarized as follows. 
1) Evaluation of Q3: “ease of conversation” tended to be a little negative when the BGM volume or 

the received noise level was either high or low. This result suggests that an adequate background 
sound levels might exist for comfortable conversation. 

2) Occupancy of nearby tables tended to affect the comfortableness of conversation with regard to 
speech privacy and intelligibility. 

3) Results through a cluster analysis indicated that there were some customers who did not prefer a 
quiet situation. 
This study is among the first trials of a field experiment in an actual MGCS and the results are not 

decisive nor conclusive. The results suggested some optimum conditions for easy and comfortable 
conversations in MGCS and further investigations should be accumulated.  

ACKNOWLEDGEMENTS 
We thank “Café Utsuroi Tsuchiya Annex” for the cooperation with this field experiment. 

REFERENCES 
1. Rindel J.H., Verbal communication and noise in eating establishments. Applied Acoustics 71(2010), 1156-

161. 
2. Rindel J.H., Acoustical capacity as a means of noise control in eating establishments. Proceedings of 

BNAM 2012, Odense, Denmark, 2012. 
3. Astolfi A. and Filippi M. Good Acoustical Quality in Restaurants: A Compromise between Speech 

Intelligibility and Privacy. Proc. of ICA2004, 2004. 
4. Nahid M. and Hodgson M. Prediction of optimal conditions for verbal-communication quality in eating 

establishments. Journal of Acoustical Society of America 2011; 129(4): 2005–2014. 
5. Novak CC, Lopa JL and Novak RE. Effects of Sound Pressure Levels and Sensitivity to Noise on Mood 

and Behavioral Intent in a Controlled Fine Dining Restaurant Environment. Journal of Culinary Science 
& Technology 2010; 8: 191–218. 

 

4185



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Searching the Industrial Soundscape of the Early Republican Era of 

an Anatolian City: Eskisehir 

 
Özlem GÖK TOKGÖZ1;Aslı ÖZÇEVİK BİLEN2; Özlem KANDEMİR3 

1, 2, 3Eskisehir Technical University, Turkey 

ABSTRACT 
Sounds are inherent parts of cities. While any change occurs in an urban environment, it effects the sounds 
thus its soundscapes. Changes in urban soundscape with the industrial revolution in Central Anatolia 
(Ottoman Period) dated back to the construction of Bagdad Railway in 1894 and continued with the 
industrialization process after the declaration of the Republican regime. One of the leading cities got involved 
in this process was Eskisehir which is a Central Anatolian city, on the intersection of trade routes. Because of 
that location advantage, several factories had been built and had provided the impetus to change and form a 
new urban identity, spatial and social changes. In this study that aims to reveal the importance of industrial 
buildings that was built in the industrialization process of the city related to the soundscape of the urban past, 
evaluation of the past acoustic data in the context of urban identity was intended. Therefore, interviews were 
done with the factory workers of that period; people who lived in the vicinity of the factories and experts who 
studied the changes, as well as retrospective audio-video records and photographs were collected and 
analyzed. As a result, industrial soundscape of the urban past is concluded by defining soundscape 
components and important role of the industrial heritage in urban soundscape is revealed 

Keywords: Soundscape of the urban past, Industrial Heritage, Phonic identity 

1. INTRODUCTION 
The process of industrialization in Turkey dates back to the opening of Bagdad-Berlin Railway in 

1894. But before Republican Era, because of the circumstances that existed throughout the country any 
significant investment in industry was not executed. After that, this process of industrialization spread 
all over the country and Eskisehir has been one of the first affected cities due to its own location. While 
the city was a predominantly agricultural settlement in imperial period, it started to gain the look of an 
industrially developed multifunctional city with the republican period. (1) The railway provided the 
city with new types of business beside agriculture and stockbreeding for the first time. (2) Because of 
its location at the intersection of the trade routes, direct connection to Istanbul and Ankara and 
approximation to raw material sources, several factories, especially tile, brick and flour industries had 
been established. Especially 1923-1950 was a period of important branches of industry regarding 
industrial process began to operate. Industrial investments financed by the state and the factories build 
by private investments began to operate collectively for the first time exactly in this period. (3) 

The evolution of Eskisehir experienced in this industrialization process became the origin of a 
progression that changed the socio-cultural structure, functional and sectoral orientation, physical 
appearance of the city. The location of the station in the city center with the arrival of the railway 

resulted with the gathering of products from surrounding villages in Eskisehir.  (4) In this period, 
urban population has increased rapidly, and the residential areas have expanded. The city has become 
an attraction point for the people to work and wrapped itself up in an industrial identity. (5) 

Industrial buildings have an important role in determination of urban identity with their unique 
character beside being an important element of technological, social and architectural 
history.(6)Urban identity is a whole composed of elements which belongs to the city, distinguishes the 
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city from others and enriches to it.(7) The physical, historical, social, functional and spatial elements 
of the cities were considered during the evaluation of the urban identity and the city’s characteristic 
features.(8) Because of the change in fields like social, cultural, economic, environmental, 
technological and architectural areas, caused by industrial buildings, related buildings have important 
role in the evolutions of urban identity. 

Sounds which belong to the city are also an element of urban identity. Phonic identity is a whole 
that distinguishes and enriches the city, formed of sounds peculiar to it. Phonic identity is seen as a 
historical phenomenon and has been progressing in time with different layers forming a coherent and 
meaningful whole. Sound is a tangible-intangible cultural entity and limited with time because of its 
physical features. Its temporariness verifies the obligation of reproduction and originality. (9)The 
evaluation of city sounds and interpretation of phonic identity can only be done through the readings 
about cities’ acoustic environments. 

The concept of soundscape that helps to define urban mechanisms, lifestyles and identities of 
regions was presented by Shafer for auditory equivalent of landscape and proposed for defining 
auditory environment free from negative or positive judgments. (10) In ISO 12913-1 standard its 
described as “acoustic environment as perceived or experienced and/or understood by a person or 
people, in context” (11). According to Shafer, soundscapes has three elements. These are “Keynotes”, 
“Signals” and “Soundmarks”. Keynotes are fundamental voices formed with the geographical and 
climatological features of selected area. They are identified as voices not be consciously listened but 
couldn’t be ignored in perception of our acoustical ambiance. Signals are sudden or exciting 
pre-voices that formed temporarily. Signals are obligatory heard voices because they are created by 
acoustical stimulant devices. Soundmarks and they are explained as voices capable of defining the 
identity of the area. For this reason, there are lots of studies that define the importance of soundmark 
and its effect on city/phonic identity in scientific literature and soundscape studies. (12,13)  
Soundmark involves basic information about space, area, city, society and culture.(14) Soundmarks 
are voices that are important in understanding the progression, evolution and phonic identity of our 
society and they need to be preserved because of their features like identity and belongingness. 
    To understand the change and progress of soundscape in historical process and to explain the change in 
soundscapes of environments, Shafer used hi-fi (high fidelity) and lo-fi (low fidelity) terms. Hi-fi 
soundscapes are defined as soundscapes that different voices are clearly heard because of low ambient noise. 
Lo-fi soundscapes emerged from crowd of sound. They are environments where sounds are masked by other 
sounds and not clearly detected. Soundscapes of areas can show hi-fi or lo-fi feature by time, development or 
reclamation of the region. 

Acoustic environments of cities in historical process change due to completely different dynamics 
like cultural elements of societies, technological developments, globalization, migration and politics. 
Changes in living standards and conditions are reflected in the acoustic environment. Phonic identity 
changes rapidly due to ever-shifting cultural contexts and experience. Therefore, it requires urgent 
identification, recording and even protection with soundscape studies. (15) However, according to 
Shafer, the main subject of the study which is to determine and reveal the past urban soundscape data 
in the historical process, is difficult. Relating to the ways of determining past urban soundscapes:  

“(...) We are also disadvantaged in the pursuit of a historical perspective. While we may have 
numerous photographs taken at different times and before them drawings and maps to show us how a 
scene changed over the ages, we must make inferences as to the changes of the soundscape. (…) while 
we must utilize the techniques of modern recording and analysis to study contemporary soundscapes, 
for the foundation of historical perspectives, we will have turn to earwitness accounts from literature 
and mythology, as well as to anthropological and historical records.” (16) 

Explained this, in the soundscape studies of the urban past, he emphasized ability of usage of 
photos, voice-video recordings, books and also ear witnesses in that period. On this emphasis, the 
studies taking place in the literature have been implemented within the framework of the methods 
specified by Shafer. 
In this paper, it is aimed to evaluate the city/phonic identity of the area which is known as the industrial 
region and defined as an industry heritage in Eskisehir through the presence of the past soundmark voices. 
Therefore, to determine the data of past urban soundscape, interviews were done with the factory workers, 
people who lived in the vicinity of the factories and experts who studied the changes of that period, as well as 
retrospective audio-video records and photographs were collected and analyzed. 
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2. METHODOLOGY 

2.1 Study area-Objective data of the past urban soundscape 
In this study, the effect of the related factories to the soundscape of the city was evaluated by using 

the photographs obtained from Chamber of Architects Eskisehir Branch and Tepebaşı Municipality.  
The place marked on the map in Figure 1, which is known as Eskisehir Factory Region, and located 

on the northwest of the city represents the area of this study. The area is located close to the railway, 
separate from the main settlements of Eskisehir. One of the main factors of the city’s development until 
1950s is the railway transportation. (17) In this area, nearly twenty factories were established 
connected to railway transportation including the traction workshop, except the railway station. These 
factories consist of a variety of industries, major tile and brick factories, including flour, food, tire rim, 
wine and timber industry. The region played a key role in the development of the city with its 
improvement between 1923 and 1950 and it took its place among the cultural  industrial heritage 
elements of the city at the present time. Until the 1990s central business areas  in the region were 
concentrated around industry new neighborhoods were established close to the area with the 
opportunity of finding jobs for the citizens, so the area was developed rapidly 

 

 
Figure 1: Map of Eskisehir from 1986 (source: Ertin,G. Evolution of the settlement in Eskisehir, 1994) 

“Railway Station of Eskisehir” which is accepted as the center of Anatolian railways, is the most 
important symbol of change. (Fig.2.) In this area, except the railway station there was a large factory 
made of stone used as  Traction Workshop, warehouse for locomotives coming from Ankara, Konya 
and Haydarpaşa, wards for engine drivers and ticketing place. (18) 

 

.  
Figure 2: Representation of structures in the area on the map of 1896 (5) Eskisehir station (1-3-4) The Traction 

Workshop (2) 
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When we examine the photographs of the station, we can see that sounds that affect the acoustic 
environment of the region may be train-borne sounds, the density of people in this area has increased 
and there are coaches and some motor vehicles which are important for the transportation of the 
passengers coming from the station. (Fig. 2) By the examination of the photographs of The Traction 
Workshop (Fig. 3) it can be supposed that the production in the workshop contained heavy industry and 
there may be sounds of metal working like seam, cut, montage because of repairing, maintenance and 
production of wagons. It is also supposed that the sound of wagons hitting each other may have 
affected the acoustical environment. Furthermore, in the map from the years 1923-1950, we can see 
that traction workshop areas are expanded and auxiliary buildings have been built. (Fig. 3) 

 
Figure 3:The Traction Workshop outside photograph (6), The Traction Workshop inside photograph (7) Map of 

The Traction Workshop in 1923-1950(8) 

 
Figure 4:Tile and Brick Factoties-Kılıçoğlu Brick and Tile factory (10-11), Doğan Tile factory (9), Kartal Tile 

Factory(12), Places on Map(13) 

Until 1927, Marseille style tiles have been imported. In 1928 Kurt Tile Factory, after that ÇiftKurt 
Tile (1933), Aslan Tile (Kılıçoğlu Tile And Brick) (1938) (Fig.4), Fil Tile (1942), Kartal Tile (1944), 
Güneş Tile (1948), Doğan Tile (1948) factories were opened and Eskisehir has become an important 
region for clay industry sector. (19) Photographs of factories except Doğan, Kılıçoğlu and Kartal Tile 
couldn’t be found with photograph archive scanning. In this period, most of the raw materials used in 
tile and brick industry in Turkey were produced in Eskisehir. After examination of the photographs of 
the brick and tile factories, it is supposed that the sounds occurred during the production 
process(dumping the soil and clay row materials into the warehouse, carriage of the workers, then 
loading of tiles and bricks to the removal lorries and train wagons)might have affect to the acoustical 
environment. 
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Figure 5: Flour and Food industry buildings,Yasin Çakır Flour factory(14-16-19), Eti Büscuits Factory(15), 

Kanatlı Flour factory and city general view(17), Mühendistler Flour Factory(18) 

Flour and food industry has a major influence on Eskisehir. YasinÇakır Flour (1938), Gümülceli 
Flour (1948),Gamgam Flour (1948), Mühendisler Flour (1953), Örnek Flour (1959), Pak Flour (1965), 
Kanatlı Flour (1969) and Eti Biscuits (1969) factories have a historical importance in the city. (20) 
Afterthe examination of the old photographs of factories working in flour and food industry (Fig.5), it 
can be said that the sounds during the loading oftheraw materials and products into the vehicles like 
lorries and trucks, and the sound of this transport vehicles might have affected the acoustical 
environment. 

.  
 
2.2 Subjective data of past urban soundscape- interviews 
 
   The groups interviewed in order to obtain the acoustic data of this area during the active period of 
factories were selected as the factory workers, people who lived in the vicinity of the factories and 
experts who studied the progress of the area. By the questions directed to different users, it is aimed to 
obtain the acoustic environment data of the area in many ways. The information about the domains of 
sound sources and their active time interval were attained from the people living close to the area of 
factories; and the information about the intensive sounds in the area, the mechanism of the factories 
and heavy industrial voices was attained from the workers of the factories. Finally, the information 
related to the general progress of the region and the effects of the acoustic environment changing with 
this progress was drawn from the experts who could evaluate the progress of the area.  
Questions were directed to all interview groups to obtain some knowledge regarding the soundscape 
components and to detect the soundmark voices in the area. 
   The people who lived in the vicinity of the factories claimed that they generally heard train whistle, 
factory shift voices and wagon loading and shipping sounds at nights. According to the workers of the 
factory, the most extensive sounds of the region were the ones from the railway, the wagon repair and 
maintenance workshops, which had the robust impact on the acoustic environment, and heavy 
industrial sounds, are rooted from metal processing, seaming and assembly. Furthermore, experts 
suggested that this area being surrounded by settlements in the area has been included into the center 
of the city for a short period of time, which made its being settled in the memories of the people. 

3. FINDINGS 

3.1 Soundscapes of the urban past and soundscape components of the area 
      As a result of the interviews and the visual materials examined, the data obtained from soundscapes of 
the area were tabulated by considering the soundscape components defined by Schafer. (21) 
      Soundscape components of the region are classified as nature, human and mechanical/technological 
sounds. 
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     When the photographs of the region were examined, there was no finding that could refer to sounds of 
nature, although interviewer specified that they heard dog barking in the region intensively because each 
factory had guard dogs. 
    In the interviews, it was declared that the sources of the human voices were coming from the travelers in 
the station and the peddlers at the exit of the station. At the same time, it was declaredthat human voices in the 
regiongets raisedat the ending time of the factories’ work. 
In the area, it was detected that sounds from vehicles like truck were mainly heard because there were many 
heavy vehicles due to the production and transportation of the products. Moreover, the sound of bicycle was 
found in this area dueto factory employees' riding a bicycles given by thefactories addition to reach this area. 
The sound of the region is mainly mechanical and technological, which is compatible with region’s industry 
zone character. As a result of the interviews, the sound of train whistle, finish and start shift whistle, sound of 
steam train, and sound of diesel trains are found to be among the characteristic sounds of the region. (Chart 1) 

 

FACTORIES REGION 

TYPE OF 

SOUNDS 

SOUND RESOURCES COMPONENTS OF SOUNDSCAPES 

NATURE 

SOUNDS 

Wind sound Keynote sounds 

Bird sounds Keynote sounds 

Dog barking Signals 

 

 

HUMAN SOUNDS 

Human daily life sounds ( like 

speaking, laughing…etc.) 

Keynote sounds 

Children sounds Signals 

Peddler voices ( in front of the 

station) 

Signals 

Azan sounds Soundmarks 

 

 

 

MECHANICAL 

AND 

TECNOLOGICAL 

SOUNDS 

  
Steam locomotives Soundmarks 

Diesel locomotives Soundmarks 

Factory Shift-Change Horn Soundmarks 

Bicycle sounds Signals 

Automobiles sounds Signals 

Wagon loading and shipping 

sounds 

Signals 

Truck sounds Signals 

Heavy industry sounds Keynote sounds 

Chart1:Past urban soundscape component chart. Obtain as a result of interviews of sound sources 

information and soundscape component in factories region. 

3.2 The location of industry heritage building in the urban past soundscape  
In the light of the interviews and the sources examined, after the industrialization process, new 

sounds were added to the acoustical environment of the city. As a result of these added sounds, the 
acoustic environment in this part of the city was shifted from Hi-Fi character to Lo-Fi. While the effect 
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of nature sounds in the region decreased, mechanical and technological sounds increased. Thus the 
soundscape of the region has changed. 

As a result of this study, railway-based sounds like train whistle, sounds of steam train and diesel 
train and factory-based sounds such as shift change whistle was detected as soundmark voices of the 
area. The continuity of these voices is needed because they are a part of the urban identity and they 
leave a mark on the memory of the society. 

The important structures that have changed the soundscape of Eskisehir have been the railway and 
the factories established afterwards. The employment increase in the area leaded to the foundation of 
neighborhoods close to the area, and the voices from the residents of this area brought have become a 
part of daily life and have added to the soundscape of the area. Therefore, the number of the 
components of the soundscape of the area has increased and the soundscape have improved in this 
process. 

4. CONCULUSION 
The soundscape over the world have been changing irreversibly in parallel with the progression and 

the change of the living conditions and places of people. 
It is important to investigate and chain this changing in order to understand the progressions of 

societies and to direct the related future changes. 
The investigation of the changes of the soundscape in Turkey is one of the subjects that should be 

discussed in order to understand the early republican era. The changes of soundscape that began with 
this era is continuing nowadays by gaining various features. Raising awareness about and 
documenting the soundscape is important for observing the stages of phonic identity. The studies of 
soundscape could provide cultural continuity and sustainability about phonic identity. UNESCO have 
been conducting various studies about this subject since 2001.  

UNESCO defined the Intangible Cultural Heritage that:“Cultural heritage does not end at 
monuments and collections of objects. It also includes traditions or living expressions inherited from 
our ancestors and passed on to our descendants, such as oral traditions, performing arts, social 
practices, rituals, festive events, knowledge and practices concerning nature and the universe or 
the knowledge and skills to produce traditional crafts.”(22) 

“Living expressions” in the definition indicates a wide description which involves the retrospective 
soundscape. It is suitable to claim that past soundscape data contributed to gaining identity and 
perception of continuity by bridging from past to now and to the future.  

In this study, the contribution of the progression of industrialization to the city soundscape of 
Eskişehir, was determined by gathering objective (Photos) and subjective (Ear witness) data. 
Soundmarks are the sounds that define the identity of the area; these intangible cultural heritages are 
needed to be protected not only architecturally but also phonetically. This study indicates the 
importance of evaluations of past soundscape in acoustic environment designs with the approach of 
soundscape. 

It is important to raise awareness about soundscape in order to investigate the sounds that made an 
impression on the memory of the city, that formed the phonic identity and that began in the progress of 
industrialization but were unable to reach to modern days.  
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ABSTRACT 
In Indonesia, the categorisation of the hospital ward is determined based on the number of beds. Third class 
hospital ward (the lowest class) is the ward which consists of more than four beds inside the room. This type 
of ward is typical in a developing country and might have different acoustic problems compared to the 
standard ward. This study aims to understand the soundscape dimension in a third-class hospital ward. Two 
experiments were conducted: the development of semantic scales and the identification of soundscape 
dimensions. The semantic scales were developed by asking the patient about the feeling in the ward. Most of 
the terms used to describe the environment are negative terms such as annoying, boring, scary, upset, and 
uncomfortable. 
Interestingly, the perception ratings indicate that the patients feel positive about the sound environment. 
Principal component analysis is used to analyse the rating resulting in five soundscape dimensions. The 
dimensions are Privacy, Disturbance, Dynamic, Fear, and Satisfaction. These dimensions indicate the 
important aspect which needs to be understood in increasing the quality of third-class hospital ward. 
 
Keywords: soundscape dimensions, third-class hospital ward 

1. INTRODUCTION 
The hospital environment is vital in speeding up the patient’s recovery  (1). The optimal healing 

environment must be designed carefully based on several aspects in both in the indoor and outdoor 
area(2). One of the critical environmental aspects which need to consider is the sound environment. 

Many approaches have been made to improve the sonic environment but mainly focus on the noise 
of the environment since the effect has been determined for both patients and staff  (3–5). The 
improvement for the sound quality is focused on reducing the noise level using several methods (6). 

Other studies focus more on the perception aspects using soundscape approach (7–10). This 
approach focuses more on what people feel and perceive in the environment, not only based on sound 
level measurement. Previous studies have been conducted in several areas in a hospital such as the 
Intensive Care Unit (9,11) of hospital ward (7,12). Most of the previous study tries to enhance the 
acoustic comfort without determined the other important perception in the hospital area. Specifically, 
in the hospital ward, the soundscape study focusses on the hospital wards which have limited beds.  

This study tries to understand the soundscape dimensions of a third-class hospital ward which 
consist of more than four beds inside. This type of ward is typical in a developing country and might 
have different problems compared to the normal hospital ward. This type of ward also the cheapest 
ward and always full of patients. The focus of this study is to develop semantic scales for third-class 
hospital ward and to determine the soundscape dimensions of the third-class hospital ward. 

 

2. Method 
The surveys for this study were conducted in five third-class hospital wards. Third-class ward has 

a larger room size with a few more beds than the other types. The number of beds is within the range of 
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6 – 8 beds with 7.2m2 for each bed [8] as shown in Figure 1. This type of room is usually full of patients 
due to the cheapest rate than the other types of room. The beds in this room usually located near to each 
other and only separated by a curtain. In this room class, the beds are separated by thin curtain to 
visually closed the view among the patients. The room usually used by patients with the government’s 
insurance or poor people who do not have to pay for the cure. Most of the patients in this room are in 
the recovery stage of their illness. 

 
Figure 1 –Third-class hospital ward room Layout 

The experiments were conducted at an Islamic Hospital in Bandung, Indonesia. Fifty-nine 
respondents (28 males and 31 females) voluntarily join the experiment. 36 patients joint the 
experiment and 23 patient’s guard who also stayed in the ward. The average age of the patients was 
42.5 with a standard deviation of 15.4.  In the first experiment, the patients of third-class hospital 
ward were asked about what they feel in the ward. The perception appeared in this step then 
implemented to develop a set of semantic scales. In the second steps, the patients of the ward were 
requested to filled a questionnaire of semantic scales. The data from semantic scales were analysed 
using principal component analysis to determine the soundscape dimensions of the third -class hospital 
ward. 
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3. Analysis 
The first experiment was conducted to developed semantic scales. Several perceptions were 

gathered in this experiment as shown in Table 1. 
 

Table 1 – Term used to explain the situation in the third-class hospital ward 

Indonesian English Translation  Indonesian English Translation 

Mengganggu Disturbing  Tidak nyaman Uncomfortable 

Membosankan Boring  Dinamis Dynamic 

Menakutkan Scary  Sempit Cramped 

Tertekan Depressed  Lambat Slow 

Puas Satisfied  Penuh Full 

Ribut Noisy  Kesal Annoyed 

Tidak privat Not Private    
 
Table 1 shows that most of the term used to described the third-class hospital ward are negative 

terms. This description might indicate the soundscape of the ward which needs to be improved. 
Interestingly, there are term satisfied (puas) which indicates that the patients satisfied with the ward. 

The second experiment was conducted by requesting the participants to rate the acoustic 
environment based on five-point semantic scales. The scales were developed based on the perception 
term found on the first experiment. The scale is shown in Table 2. 

 
Table 3 – Semantic scale used for the experiment 

Indonesian English Translation 

Mengganggu - Tidak Menganggu Disturbing-not disturbing 

Membosankan – Menarik Boring-interesting 

Menakutkan-Tidak menakutkan Scary-reassuring 

Tertekan – Menenangkan Depressing-calming 

Puas-Tidak Puas Satisfied-unsatisfied 

Ribut-hening Noisy-silence 

Tidak privat-privat Not private-private 

Tidak nyaman-nyaman Uncomfortable-comfortable 

Dinamis-monoton Dynamic-monotonous 

Sempit-luas Cramped-spacious 

Lambat-Cepat Slow-fast 

Penuh-kosong Full-empty 

Kesal-Senang Annoyed-pleased 
 
Further analysis is conducted by analysing the score of perception rating. The median value of the 

score is shown in figure 2. Contrary to the term found in the first experiment, the rating shows that in 
general, the patients feel positive about the environment. They feel not scary, comfortable, 
monotonous, and full. This finding might indicate the acceptance of the environment. The patients feel 
that this type of ward is the best option for them and they accept the environment. Most of the patient 
get free cure there, and it is the better option rather than does not get the cure. 
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Figure 2 – Median score of perception rating in third-ward hospital 

 
Further analysis is conducted using principal component analysis to determine the soundscape 

dimensions of the third-class hospital ward. The PCA result is shown in Table 3. The soundscape 
dimensions are the components which have eigenvalue bigger than one. 

 
Table 3 – Principal Component Analysis Result 

Kaiser-Meyer-Olkin Measure of Sampling Adequacy =0.710, sig. 0.000 

  

Component 1 Component 2 Component 3 Component 4 Component 5 

18% 13% 13% 12% 11% 

Disturbing 0.1 0.74 0.21 0.32 0.14 

Boring 0.55 0.19 0.19 0.51 -0.19 

Scary -0.04 0.17 0 0.88 0.07 

Depressing 0.68 0.11 -0.21 0.4 -0.16 

Satisfied 0.13 0.05 0.18 0.13 0.81 

Noisy 0.27 0.41 0.5 0.1 -0.07 

Not private 0.67 0.07 0.39 0 0.22 

Uncomfortable 0.39 0.75 0.03 0.07 0.04 

Dynamic 0.06 -0.12 0.68 -0.07 0.25 

Cramped 0.04 0.22 0.69 0.09 -0.14 

Slow 0.39 -0.48 0.18 0.39 0.33 

Full 0.78 0.3 0.14 -0.2 0.03 

Annoyed 0.31 -0.07 0.39 0.22 -0.63 
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There are five soundscape dimensions appear in this experiment: 
1. The dimension related to the perception of privacy (18%). The dimension is represented by 

the semantic scales of boring, depressing, not private, and full.  
2. The dimension related to the perception of disturbance (13%). The dimension is 

represented by the semantic scale of disturbing, and uncomfortable 
3. The dimension related to the perception dynamic (13%). The dimension is represented by 

the semantic scales of dynamic and cramped. 
4. The dimension related to the perception of fear (12%). The dimension is represented by the 

semantic scales of boring and scary. 
5. The dimension related to the perception of satisfaction (11%). This dimension is 

represented by the semantic scales of satisfied and annoyed. 
 

The dimension of privacy become the most dominant soundscape dimension. This privacy of the 
ward is related to the scale of depressing which mean the privacy can make the patients depressed. This 
result is interesting since the soundscape dimensions usually dominated by the perception related to 
the preference of the space. In an urban area, the first dimension is called Pleasantness (13), 
Calmness(14), or Relaxation (15). In an academic library, two soundscape dimensions (pleasantness 
and dynamic)(16) indicates similar soundscape dimensions with the urban soundscape.  

The difference might happen because, in the urban and library area, people stay in that area for a 
short period, so the most important aspect is to enjoy the environment. Another similarity between 
those two studies is that people have the choice to leave the environment if they want to.  

There is another case similar to the hospital ward where people need to be in the area for a long 
period and does not have the opportunity to leave the place. The case happened for the nurse who 
works in the Intensive Care Unit (ICU)(11) and a student in a class (17). In this environment, the most 
dominant soundscape dimension is the dimension which not representing the preference of the space. 
The perception of information is the most important perception for nurses who work in ICU  while the 
perception of space is the most important perception for student in a classroom. The perception related 
to space preference (Calmness) become the second soundscape dimension. 

4. Conclusion 
Third-class hospital ward soundscape has been analysed according to the verbal response, overall 

rating, and soundscape dimensions. The verbal response from the patients indicates a negative acoustic 
environment. Interestingly, the rating of semantic scales indicates positive perception. This result 
might indicate the acceptance of the acoustic environment among the patients.  

There are five soundscape dimensions gathered from third-class hospital ward: privacy, disturbance, 
dynamic, fear, and satisfaction. The first dimension is not related to the preference of the space , and 
this result is consistent with the place where people do not have the opportunity to move.  
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ABSTRACT 
Sustainable sound planning has been drawing more attention as citizens are demanding higher levels of 
comfort and livable environment while keeping the convenient access to transportation and neighborhood in 
urban settings. Particularly in Hong Kong, we see a lot of innovative building designs, such as smart facades, 
are there improving the overall indoor sonic environment of the premises. Apparently, different situations 
and designs can result in varying levels of costs and benefits. How to balance these becomes a challenge for 
the acoustical designers and sound planners. This paper presents a case study revealing how virtual reality 
technology can be applied to let the relevant stakeholders “experience” the noise benefits that a particular 
smart facade design can bring by “perceiving” the sonic environment and having it associated with different 
design options and costs. 
 
Keywords: Sound planning, Virtual reality, Smart facades, Hong Kong 

1. INTRODUCTION 
Urbanization has been an outgoing trend in developed and developing countries for centuries. 

According to the United Nations (1), the world’s population living in urban areas increased from 0.75 
billion in 1950 (i.e. 30 percent of the world’s population at that time) to 4.2 billion in 2018 (i.e. 55 
percent). The figure was projected to about 6.7 billion in 2050 (i.e. 68 percent). Among the world’s 
largest cities, Tokyo was ranked the first with 37 million inhabitants, followed by Delhi with 29 
million in 2018. In China, Shanghai had about 26 million inhabitants and Beijing had about 20 million 
inhabitants (1). In South China, the Greater Bay Area had a total population of 70 million with 
Guangzhou having the largest number of inhabitants at 14.5 million, followed by Shenzhen at 12.5 
million, Dongguan at 8 million, and Hong Kong at 7.4 million (2). Additionally, most people have 
busy and hectic schedules in cities (3). Thus, it is not unusual that people like to live in apartments 
which are located in the vicinity of shopping malls, metro stations, public transport interchanges, 
major roads, and even roundabouts. The easy access to shopping, food and drinks, and transport has 
come with costs tied to it. Unavoidably, people are exposed to high levels  of traffic noise, noise from 
dining places including pubs and bars, and oily cooking fume (3-6).  

The Hong Kong Government has advocated the development of smart city for a number of years. 
However, the definitions of a smart city and its components such as smart transportation, smart 
buildings, smart utilities, smart healthcare, and smart services have yet to be officially established and 
thoroughly validated. For example, To et al. (7,8) reviewed the meanings of smart buildings and found 
that the definition of smart buildings has evolved from those of smart buildings’ predecessors such as 
intelligent buildings. To et al. (7,8) reported that Hong Kong’s building designers and users indicated 
an intelligent security system to be the most important feature, followed by an intelligent and 
responsive fresh air supply in commercial buildings. On the other hand, building designers and users 
generally considered the systems that monitor people’s movement to be the least important feature. 
Building users also considered features of smart facade i.e. building envelope to be a group of 
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secondary features when comparing with features that have direct impact on indoor environment (8). 
However, To et al. (7,8) focused on commercial buildings and did not explore smart des igns for 
residential buildings. In a residential development, a building facade does not only determine the 
appearance of the building, it also determines the thermal load transmitted through it and the sound (or 
noise) transmitted through it. Hence, different facade designs can be considered to optimize the 
thermal and sound insulation/reduction properties. Specifically, the size, geometry, orientation, and 
materials of an opening such as a window can significantly influence the transmission of thermal and  
sound energies through a building facade. Thus, a smart facade must consider both thermal and sound 
insulation that can be adaptive to changes in both outdoor and indoor environment. This paper 
describes such a smart facade and its perceived effectiveness – focusing on its sound reduction 
property using virtual reality technology. 

2. VIRTUAL REALITY 
Virtual reality means different things to different people at different times. In motion pictures and 

the entertainment industry, stereoscopic techniques have been used as a way for creating the illusion of 
depth of moving images and objects, giving audiences a sense of virtual presence in different 
environments. Charles Wheatstone, James Elliott, and David Brewster were credited to invent and 
develop different types of stereoscopes independently back to the 1830s (9). However, the world’s first 
stereoscopic (or 3D) commercial firm “The Power of Love” was shown in the Ambassador Hotel 
Theater, Los Angeles on September 1922 (10).  

Similarly, the predecessors of stereophonic sound can be dated back to the 1880s in France where 
Clememt Ader invented theatrophone – a system of telephonic transmission through which listeners 
received two separate channels (left and right) for their ears (left and right), enabling an illus ion of the 
depth of auditory perspective (11). In the 1930s, Alan Blumlein of the Columbia Garphophone 
Company (later known as EMI) invented and filed a patent on binaural (now known as stereo) sound 
recording, transmission, and reproduction using two-channel system, as well as stereo films (12). At 
about the same time, Harvey Fletcher of Bell Laboratories investigated techniques for stereophonic 
recording and reproduction using multi-channel (three to eight channels) systems. Yet, two-channel 
stereophonic reproduction (or 2-0, meaning two channels and no surround channel) has been widely 
used in the music industry for decades. Indeed, by having more than two channels or introducing 
additional phase shifts between two or more channels, stereo sound can become surround sound or the 
so-called 3D sound (13).  

The arts and sciences of realism or virtual reality migrated from theatrical reproduction or movie 
production to personal experiences. In the 1950s, Morton Heilig developed the Sensorama  – a 
semi-enclosed chamber in which different stereoscopic images, stereo sounds, odors, air movements, 
and motions can be experienced by a person. In 1984, Jaron Lanier founded VPL Research and 
developed products such as data glove, audio sphere, virtual reality head-mounted display unit (known 
as VR goggles), etc. Since then, virtual reality gain momentum across a wide range of industries and 
different academic disciplines. On 20 February 2019, we performed a literature search using Scopus – 
one of the largest academic databases, with search terms “virtual reality” in “Article title, Abstract, 
Keywords”. We identified 108756 documents in which 63036 of them were conference papers, 36547 
journal articles, and 9172 others. Figure 1 shows that the number of publications about “virtual reality” 
increased rapidly in the past three decades.  

As for the terminology of virtual reality, Steuer (14) defines “a virtual reality” as “a real or 
simulated environment in which a perceiver experiences telepresence” . Others such as Bisson et al. 
(15) suggested that virtual reality as a computer-simulated environment allows users to interact with 
virtual objects and images that appear in the virtual environment in real time. Since the late 1990s, 
virtual reality technologies including VR head-mounted displays have been used as training and 
practical tools in landscape designs, architectural designs, and interior designs (16-19). Virtual reality 
has also been adopted in education (20), medical training (21), rehabilitation (22,23), etc. 
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Note: *This period only covered January 2015 to February 2019. 

Figure 1 – The number of publications on “virtual reality” during the period of 1975-2019. 

2.1 Virtual Reality for Soundscape and/or Sound Planning 
On 20 February 2019, we also performed a literature search using Scopus with search terms “virtual 

reality” in “Article title, Abstract, Keywords” and “soundscape” in “Article title, Abstract, Keywords”. 
The search results showed that there were 120 documents, including 86 conference papers, 27 journal 
papers, and 7 others. After entering “head mounted” to a special function “search within results…”, we 
identified 7 documents including 6 conference papers and 1 journal article on “virtual reality”, 
“soundscape”, and “head mounted…”. All these 7 documents were written by European research 
groups which primarily focused on the realism of virtual walks based on the visual and audio effects 
from different VR head-mounted displays. 

3. A CASE IN HONG KONG 
In Hong Kong, almost a million people have been affected by high road traffic noise, exceeding L10 

70dBA (4,27,28). The latest 3D noise mapping supported these observations and findings (29). Direct 
mitigation measures at sources have been implemented for the past three decades including road side 
noise barriers, low noise road surfaces, etc (30). Nevertheless, there are still significant residual traffic 
noise impacts on people after the direct technical remedies are exhausted. Previously, efforts have 
been devoted to explore upgrading windows such as double-glazed windows (30). However, due to 
regulatory requirements of the Building Authority to maintain natural ventilation and provisions of 
some prescribed windows, the protection of people from road traffic noise was remained a big 
challenge. 

Recently, there are new developments of mitigation measures at noise sensitive receivers based on 
advanced technologies such as integrated smart windows that can provide a further noise reduction of 
5-10dBA. In essence, a smart window comprises movable window panels with acoustic treatments. 
The design of such integrated smart windows had undergone laboratory tests. While laboratory tests 
were very good and provided important data for design purposes, it was important to have the physical 
presence of future users and stakeholders at the laboratory to collect their feedback. Yet, stakeholders’ 
involvement did not exist because there were situations where such designs were demanded to be more 
sophisticated, or more iterations were required during the design processes. Besides, the time and costs 
incurred would increase substantially.   

In this connection, the Hong Kong Environmental Protection Department (HKEPD) has decided to 
adopt a 4D immersive virtual soundscape system - a hybrid 3D space and sound with the additional 
feature for users to control their own spatial locations and to select different design options. Figure 1 
shows the image of this system and how a user would experience in a virtual setting. 
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(a) A display about 4Dsound including its hardware  

 

(b) A virtual indoor environment (image provided 

by HKEPD) 

Figure 2 – 4Dsound and a virtual indoor environment (with visual and audio clues). 
 
In April 2019, the HKEPD conducted an in-house training in which over 50 government officials 

and relevant stakeholders participated and helped to give further suggestions. The training began with 
an introduction to the system and its functionality. After that, each participant was given chances to 
experience and query the applications and limitations of the system. Responses from participants were 
positive. Participants were found that the system was very convenient and easy to use. They mentioned 
that the system would be helpful to understand the detailed design features of smart facades in noise 
reduction because they could select and experience i.e. hear the differences in sound levels when 
different options such as balconies, window types, active components, etc. were uti lized. At the end of 
this training, participants were invited to fill in a short anonymous questionnaire. Figure 3 shows the 
outcomes of this survey. 

 

 
(a) Do you consider that the VR technology would 

facilitate the public engagement process? 

 
(b) Other than visualization and auralization of 

noise mitigation measure performance, please 

indicate potential applications of VR. 

Figure 3 – The findings of the exit survey. 

4. CONCLUDING REMARKS 
This paper presents a review of virtual reality and its application to different areas. More 

specifically, the paper describes a case study about how virtual reality technology has been applied to 
let the relevant stakeholders including government officials, media reporters, and some councilors to 
“experience” the noise benefits that a particular smart facade design can bring by “perceiving” the 
sonic environment and having it associated with different design options and possible costs. By 
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soliciting feedback from participants of an in-house training on the 4D immersive virtual soundscape 
system, it was found that participants considering the use of virtual reality technology would facilitate 
public engagement process. Participants suggested that virtual reality could also be applied to other 
environmental and ecological impact assessments.    
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ABSTRACT 
The study is set within the Science and Technology Studies perspective, which see architecture as a product 
of collective action and advocate for a deeper understanding of the mutual influence of architecture process 
and laws. In particular, the work focus on a dwelling project in a noise-polluted area in Turin and examine 
how noise policies and mitigation solutions affected the process. 
The case-study is analyzed through qualitative analysis of interviews and documents, conducted through 
CAQDAS software Atlas.ti. Themes and codes are inductively derived from the collected material and 
organized following concepts developed by Actor-Network Theory studies. 
The outcomes of the analysis are firstly visualized through Atlas.ti and Node XL. However, since software-
based visualization were judged insufficient for a complete understanding of the process, a second phase of 
the work was developed to design maps that could answer to specific questions, on the basis of the data 
extracted in the previous phase. The paper is therefore concluded assessing the insight that could be provided 
on the specific case study as well as strength and drawbacks of the analysis and visualization methodology. 
 
Keywords: Controversy mapping, Noise mitigation policies, Software-assisted analysis 

1. INTRODUCTION 
Environmental noise is nowadays widely recognized as one of the challenges of contemporary 

cities (1), with consistent impact on human health (2). A good amount of research has therefore been 
dedicated, in the last years, to investigate the contribution that urban spaces(3) and building (4,5) 
design can have on noise mitigation.  

However, to the authors’ knowledge, very few research has been dedicated to investigate how the 
implementation of noise mitigation policies works within the empirical complexity of real case studies 
and which are the factors that can contribute to the acceptance or refusal of different mitigation 
solutions. Scholars who have assessed the problem with respect to other codes (6,7) and metrics (8,9) 
have put in light how such insight can be useful for both designers and policy-makers, arguing that 
design proposals and policies actually evolve in mutual relation (6) and that “technical solutions are 
more likely to be successful when they are developed with an awareness of the ways in which 
contingencies enable and constrain the uptake of such solutions, and of where additional support or 
regulation might be required”(8), opposing to views “that lack sensitivity to the complexity of 
regulations and the contexts in which they take shape”(6). 

On these basis, the present research investigates the application of noise mitigation policies in the 
case-study of a urban dwelling development in a noise polluted area in Turin, which is nowadays 
acting as “leader city” (10) in Italy. The aim is to bring out and depict concerns that develop along the 
process, proposed solutions and actors that are mobilized in the process.  
                                                        
1 cristina.calleri@polito.it; alessandro.armando@polito.it;  
2 louena.shtrepi@polito.it; arianna.astolfi@polito.it.  

4206



 

 

In this work, therefore, the “hard science” perspective of cumulating quantitative data is abandoned, 
in favor of the engagement of “thick descriptions” (11) of specific cases. 

The research adopts the perspective of Science and technology Studies (STS) (12–14), which has 
been used in the field of architecture to describe the project process as an evolution of a technical 
object (15,16). In particular, within the field of STS, Actor-Network Theory (ANT) (17–19) 
perspective sees the development and production of a building as the result of a network of people 
and things (human and non-human actors) (20,21) that evolves in time. 

ANT founder Bruno Latour challenged designers, advocating for visualizations that could create a  
new “visual vocabulary” (22), that will represent not only the “matter of facts”, which are the given, 
immutable objects, but also the “matter of concern”, that is “what happens to a matter of fact when 
you add to it its whole scenography” (23) or, in other words, what happen to a building when you add 
“[…] the angry clients and their sometimes conflicting demands […] the legal and city planning 
constraints […] the budgeting and the different budget options [etc]”(22). 

The controversy mapping approach (24–26) was developed from ANT as a pragmatic approach to 
this challenge, and visualization tools have been developed to visualize the network of human and 
non-human actors that gather around specific projects or specific controversies (26). However, as 
pointed out by Armando e Durbiano (15), the network visualization, although extremely effective to 
grasp an overview of how different actors gathered around different concerns in  a controversy (27), 
fail to be efficacious when the need is to use this cartography “directly for design objectives” (15), 
The “all-encompassing description” provided by the “panopticon” of the cartography of 
controversies(15), needs to be cut through a definite perspective.  

In this work, we focus on the restitution through visualizations of the investigated projects, aiming 
to define maps which are “integrative use” media (28), that is, visualization that provide a new 
perspective on a project, “un-black boxing” (20) what might seem a static building, hence generating 
new knowledge and understanding, providing an “intellectual technology” (19) which might help 
future choices on similar case studies. The different sections of the paper show how the research for 
such visualization evolved, through software-assisted analysis of data and hand-drawn maps. The 
conclusions discuss then the insight that could be provided on the specific case study as well as 
strength and drawbacks of the analysis and visualization methodology. 

 

2. METHODOLOGY AND RESULTS 

2.1 Case-study and data collection 
The selected case-study is a dwelling project in a transformation area in Turin, Italy. The case-

study worked as a sort of “pilot” for the city, since the approval of the zoning-plan variations that 
started the development process was adopted in the same period in which the Local policies, which 
included specific rules for the transformation areas, were issued. The late integration of mitigation 
solutions within the process, together with the location of the area in an environmentally-protected 
zone, determined a number of controversies linked to the fact that few modifications could be done in 
the building and hence mitigation solutions at source had to be implemented.  

Following a procedure which is often used in ANT-based studies (29–31) the main part of data was 
obtained through verbatim accounts of real-life interviews along with genuine documents”(30). 

The first phase of data collection consisted in conducting interviews with the main stakeholders , 
while the second phase of the data collection was then conducted in the archive of the environment 
area offices in Turin, to reconstruct all the exchanges which had took place between the office and the 
proponents(15). After the archive consultation, the number of interviews was expanded through the 
use of short consultations with focused questions. 

2.2 The “crafting” of descriptive tools – stay grounded on words, organize them 
Following one of the indications given by Venturini (25) within the controversies mapping 

approach, the mapping process was started as soon as a general understanding of the process was 
gathered through the first interviews with the main stakeholders.  Indeed, as indicated by venturini 
“the task of unfolding the complexity of controversies should never be separated from the task of 
ordering such complexity.” (25) 

The aim of the mapping, as in the controversies mapping approach, was to stay close to the words 
of the actor, hence make the information, such as matter of concerns and involved human and non-
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human actors, inductively emerge from the collected interviews and documents (24). 
This approach is very similar to the “open coding” or “exploratory analysis” which is applied in 

the first phases of qualitative analysis methodologies, such as grounded theory (32,33) and applied 
thematic analysis (34), in which labels are associated to excerpts of texts, and modified as more texts 
are analysed.  

Therefore, the analysis of the collected material and the first phases of visualization were 
conducted through the use of CAQDAS (computer-aided qualitative data analysis software) 
specifically realized for similar analysis. In particular, it was used the software Atlas.ti v.83 which, 
although expecially created for grounded theory application (35), due to the freedom it gives in the 
creation and organization of codes systems, as well as in the elaboration of different kind of documents, 
it has been used in different qualitative analysis methodologies, including ANT-based researches (36).  

It must be pointed out, however, that although CAQDAS software facilitate the ordering, 
connecting and analysing of documents which is necessary in qualitative analysis methods, they do 
not substitute at all the researcher in defining and constructing the system of codes and themes which 
are extracted from the analysed documents.  

Figure 1a shows a screenshot of the software interface, in which the documents are analysed and 
excerpts of documents (=quotations) are selected by the user and associated to codes created by them.  
On the left column, a navigator allows the user to explore and order the elements. In the central area 
is the document which is being analyzed. The excerpt which is highlighted is a quotation, to which 
have been linked a code and a memo (codes and memos can be seen in the right column) 
 

It was therefore established to combine the inductive extraction of codes with the definition of few 
broad but clear levels of analysis, in which to develop the code extraction.  

Since ANT methodology and controversy mapping approach give a lot of freedom to the researcher 
in defining the methodology of inquiry and data elaboration (24,36), the panorama of researches which 
have tried to develop schemes and visualizations based on ANT perspective is, al though not so vast, 
quite heterogeneous (27,37,38). The different levels of analysis that were defined from a selection of 
the schemes found in literature is: 
 

- Step 1: the process as a series of matter of concern that develop in time (27,39): 
 
In this phase, the corpus of collected documents was analysed looking for emerging themes of 

discussion. Excerpts of documents that discuss the same concern were “tagged” (40) with the same 
code. The software Atlas.ti allowed then to connect the different texts excerpts (=quotations) between 
them through the use of hyperlinks (41) which define the type of relation between the two quotations 
(=”expands”, “contradicts”, etc.). Through the visualization tool of the software s then possible to 
visualize how a specific debate evolved around a concern and how interviews expand what can be 
read in the documents. Figure 1b shows an example of visualization of the quotations that discuss the 
concern “Monetization of the sound absorbing asphalt” and the documents from which such quotations 
were extracted. 

 
- Step 2: the matter of concern as a series of actions which are done to move toward a “closure 

mechanism” (16): 
 

In this phase, each of the excerpts which has been coded with a code that indicates a matter of 
concern is analysed again, in order to code for different actions which are done by the involved actors 
to move to a “closure mechanism”, that is, to reach a solution of the controversy and stabilize a certain 
decision. Drawing from the concept of translation defined by Callon (42) and from an inductive 
construction of categories, the actions are then classified into a reduce number of categories of action. 
Figure 2a shows the categories of actions and how they can be connected to the translation phases.4  

                                                        
3 The software MaxQDA was also tested in the starting phases of the analysis. The two software have very 
similar features. In this case, upon a more developed visualization tool of MaxQDA, was preferred Atlas.ti 
due to the possibility it gives to create permanent link between quotations and to link memos to all the 
different elements of the software(codes, quotations, etc.). However, a detailed comparison of he two 
softwares is out of the scope of this paper. 
4 A bigger version of the images can be find at https://zenodo.org/record/3236512#.XPGbIfZuI2w 
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(a)  (b)  
Figure 1 – (a) Atlas.ti 8 user interface. (b) visualization of the debate around the concern “monetization of 

the acoustic asphalt”. 

 
- Step 3: the action as a gathering of different human and non-human actors 

 
In this phase, each excerpt coded with a code referred to an action was analysed again in order to 

extract the human and non-human actors which were involved in the action (e.g. laws or policies 
which allowed for the refusal of a certain solution, data that supported the decision, etc.). Moreover, 
while the coding process was evolving, the codes referring to different actors were organized into 
categories, inductively derived from an analysis of the code system. 

Table 1 shows an example of an action with the corresponding codes that identify human and non-
human actors involved in it. The category assigned to each actor is also indicated. The memo attached 
to the action code, shown on the right, provides a description of how each actor was involved.  
 
Table 1 – Human and non human actors associated to the action “Modify limit/request_ 55 dB(A) at facade 

actor category memo 

DPR 142/04_art. 8 National noise law Environmetn area modify limit to 55 dB(A) a façade 
PCA_art. 8 sets limit of 55 dB(A) at facade 
DPR 142/04_art. 8 and PCA_art.5  legitimates the 

requests of Environment area 
“Zona Urbana di Trasfromazione” determines 

application of PCA_art.5 
Noise reduction -5 dB determines the prescription of 

Noise limit 60dB(A)_at side road  
Acoustic model provides result of Noise reduction  -5 

dB  
Noise limit 55 dB(A) at facade determines the 

prescription of Noise limit 60dB(A)_at side road  
 

“Piano di Classificazione Acustica”_art.5 Local noise policy 

“Piano di Classificazione Acustica”_art.8 Local noise policy 

“Zona urbana di trasformazione” Other local policies 

Noise reduction – 5 dB Noise data 

Noise limit_55 dB(A) at facade Noise limit 

Noise limit_60dB(A) at side road Noise limit 

Environment area institution/organization 

 
The initial aim in the research of a visualization method was to obtain a network visualizat ion, 

such as the ones which have been used by different ANT-based research, also in the field of 
architecture (26,31). The maps were then derived from both the network visualization tool of Atlas.ti 
itself, as well as through the Excel plug-in NodeXL. In this case, a code co-occurrence table is 
exported from Atlas.ti and imported in NodeXL. Each actor constitutes a node and the thickness of 
the tie represent the number of co-occurrencies. The plugin also allows to “collaps” all the nodes 
belonging to the same category into one single node, hence allowing for a simplified visualization in 
which the it can be seen which are the leading categories of actors. Figure 5b shows the network of 
actors involved in the first phase of the project (adoption of the zoning plan). Each node represent a 
category of actors, while the thickness of each edge between two nodes represent the co-occurrences 
of actors belonging to the two categories. 

However, this network visualization resulted to be too “omnicomprensive” to describe the process 
in a way which could be strategic to answer to specific questions and inform future processes (15). 
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(a)  (b)  

Figure 2 –(a) categories of actions. (b) Node XL elaboration of the network of actors involved in the first 

phase of the project (adoption of the zoning plan). The Fruchterman Reingold algorithm is used. 

 

2.3 The “crafting” of descriptive tools – visualize the process, focus on specific 
questions 

Since the results of the previous phase, allow setting the basis to analyze and reconstruct a project 
process, prove to be not enough to restitute it, in the second phase of the work it was decided to go 
back to hand drawings, taking advantage of the freedom it gives in the spatial organization of elements 
and in the test of different layouts and graphical codes.  

The visualization of the project process was structured in a basic framework which allowed then 
for the definition of zooms on selected parts of the process, in order to answer to specific questions.   

The basic framework develops in time on the horizontal axis, while on the vertical axis has tree 
levels: the actors and the documents through which they act: reports, official evaluations, but also 
informal communications or in-person meetings of which there are recalls in documents or interviews 
(43) the concerns that develop during the process; the effects on the process. At a first level of analysis 
is therefore possible to see which human actors and documents are involved in the different phases of 
the project and which types of problems arise. Figure 3 shows a schema of the basic framework (a) 
and the resulting map on the selected case-study (b). 

 

(a)  (b)  
Figure 3 –(a) scheme of the “basic framework” map organization (b) “basic framework” map on the 

selected case study. 
 
Three type of zooms where then identified and tested: 
1- Diachronic zoom: one of the concern is selected and examined with respect to which actions 

are done and why. In particular, the map presented focus on mitigation solutions at the receiver 
and explores which solutions are accepted or discarded and why (i.e. which actors are involved 
in the decision).Each successful translations, defined by the integration of a certain solution, 
determines a material effect that modifies project, in a process similar to “exaptation” (15) 
(Figure 4a). 

2- Synchronic zoom: the map is cut “transversally”, in a specific moment of the process to explore 
how actions concatenated and actors aligned to reach a “closure mechanism, which determines 
a step forward in the process. In this case, the map examine the moment in which the first 
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building permit is granted (Figure 4b). 
3- Following specific actors: the whole map is travelled following a specific categories of actors 

through time. In this case, the map focus on national laws and local policies on noise mitigation 
ad put in light in which phases of different matter of concern they acted (Figure 4c). 

 
    

 
(a) 

 
 

 
(b) 

 
 

 
(c) 

 
Figure 4 –(a) scheme of the “diachronic zoom” and resulting map; (b) scheme of the “synchronic zoom” 

and resulting map; (c) scheme of the “following norms” and resulting map. 

3. DISCUSSIONS AND CONCLUSIONS 
The present research deals with an analysis and representation work conducted on the process of a 

dwelling project in a noise-polluted area in Turin, Italy. 
The aim of the work is to define a methodology to analyze the project process and to represent the 

complexity of the process in a way which can provide better insight on how noise policies influenced 
the process and what are the factors that influence the choice of mitigation solutions.  

As most of the studies which engage with an in-deep description of a specific case, the aim of this 
study is not to find data that can lead to a generalization of findings  (44). On the contrary, the aim of 
the study is of two kind: 

1- Explore what can be learned about the application of noise mitigation policies in the specific 
case; 

2- Define a method of analysis and visualization which may then be replicated and enhanced 
through the analysis of other case-studies. 

With respect to the first point, the study allowed to show how noise laws only acted in some parts 
of the definition of noise limits as shown in Figure 4c (the controversy which is indicated with the 
purple bar). The controversy on noise limit is indeed closed by a decision of the Environment office 
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which goes beyond local policies, setting a precedent which could be then applied in future cases. 
This supports the view of a mutual relation of projects and policies, in which each  one evolves in 
response to the other. A second finding is that the situation of the building market plays an important 
role in the application of noise policies. Indeed, the project division in allotments proved to be crucial 
in the granting of the first building (Figure 4b), while the need to keep the flat sizes flexible influenced 
the choice of possible mitigation solutions at façade (Figure 4a). This support the need to investigate 
how norms and policies act in a contingent, specific situation.  

With respect to the second point, one of the strength of the work is to assess a theme which is still 
rather unexplored, that is, the crafting of a methodology to visually represent a project process, wihth 
particular focus on a specific environmental problem and its related laws and policies. This on one 
side tries to answer to the request of Latour for a media which could represent a building as s complex 
process and on the other hand tries to make the complexity readable and to answer to specific questions 
of involved stakeholders, as suggested by Venturini and Armando e Durbiano (15,25). It is of course 
a first tentative and has a number of draw backs. First of all, the analysis, as a qualitative one, is 
necessarily biased by the subjectivity of the researchers (34,40). Moreover, the maps, when traducing 
all into codified symbols, keep us away from the materiality of the project, making sometimes difficult 
for the reader to witness and imagine what is visualized5. 

Nevertheless, this might be a first step to build a “body of knowledge” that can only be constructed 
through he close observation of many different case-studies and that will “over time, establish a 
knowledge that will help designers and their clients to make more informed preliminary choices” (10).  

Moreover, the crafting of similar visualization devices might be useful to give indications for the 
future development of an interactive tool to visualize different processes in a similar way, through the 
analysis of selected documents.  
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EXTENDED ABSTRACT  
Anthropological studies and ethnohistorical sources show that most hunter-gatherer and early 

agricultural societies around the globe believe the world to be ensouled or numinous. This means 
that natural phenomena, including acoustic effects (echoes, for example), were perceived as being 
linked to supernatural agents (2) (3). Although the supernatural is everywhere, particular places in 
the landscape are identified as being special for transcendental communication. In prehistory, the 
information about these places is lost, except when they have been marked with rock paintings. In 
fact, rock art– when it is preserved – is situated precisely still in places where the artist chose to put 
it. Intriguingly, while experiencing rock art landscapes, one also occupies the same space where the 
artist was. This placement has particular advantages on the interpretation of rock art landscapes 
compared to other types of archaeological features, because the knowledge of its exact location in the 
environment can provide a powerful insight into what lay behind its production.  

In our hypothesis, acoustics can be considered as one of the potential key element in the placement, 
production and use of rock art. We were not the first to address this issue, but some efforts have been 
made in the past to explore, for example, the role of echoes in rock art landscapes or the relationship 
of rock art with specific sonotopes (4). In archaeology, there have also been researches about the 
function of musical instruments found in the archaeological deposits associated to rock art panels, or 
about the meaning of musical instruments depicted in rock art panels – and, finally, about the use of 
the rock art support itself , i.e. lithophones (4), as a musical instrument. Other interesting approaches 
briefly addressed in the literature dealt also with the importance of sound and music present in rituals 
(5:21) (6) (7), including those performed in rock art landscapes (8:650) (9:39) (10) (11:248), see (12)).  

It is in this context that since 2014 we have started a series of research projects aimed at exploring 
the acoustics of rock art landscapes. The aim of these projects has been to put together a group of 
researchers from different disciplines (i.e. archaeology, acoustics, psychoacoustics, anthropologists) 
to explore from different perspectives the sensorial experience sought by prehistoric communities and 
the potential use of landscape acoustics to produce sounds in the past. Regarding physical acoustics, 
measuring the acoustic properties of rock art environments is not a trivial task; it involves handling 
and moving equipment over highly demanding terrains (i.e. gorges, cliffs, canyons, etc.), while 
providing sound recordings that are as accurate and authentic as possible. Thus, the foremost problem 
that we overcame was designing a compact, small- sized, portable and battery-powered equipment to 
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3 m.diaz-andreu@ub.edu 
4 mathieu.picas@hotmail.fr 
5 leslie.zubieta@ub.edu 
6 tmattioli@ub.edu 

4214



 

 

obtain a full range of detailed acoustic data relevant to our research objectives. Furthermore, this 
equipment must meet the requirements of the Impulse Response (IR) analysis (e.g. ISO 3382:2009), 
which is the measuring method that we used during our fieldwork data acquisition. This equipment is 
described in (13) (14). In this paper we discuss the results of our fieldwork in two World Heritage 
rock art landscapes, the “Rock Paintings of Sierra de San Francisco” (WHL property 714) in Baja 
California (Mexico) and the “Rock Art of the Mediterranean Basin on the Iberian Peninsula” (WHL 
property 874) in Spain.   

The Rock Paintings of Sierra de San Francisco encompass an area of almost 1900 km2 in El 
Vizcaino natural reserve in the northern part of Baja California Sur (Mexico). It includes more than 
400 rock art sites where Outstanding Universal Value has been recognized by UNESCO in 1993 
(https://whc.unesco.org/en/list/714/). Sites are composed by rock shelters and small caves mainly 
located along river canyons. Paintings and engravings are remarkably well-preserved because of the 
dry climate, the inaccessibility of sites and the low population density of the region. The most 
significant rock art tradition of this area is the so-called Great Mural style (fig.1), which is known 
since the end of the XIX century (15). The Great Mural rock art composition and size, as well as the 
precision of the outlines and the variety of colors, make this artistic tradition impressive. The Great 

Mural rock art tradition is characterized by 
larger-than-life figures of people and animals. 
The style is mainly naturalistic although there 
are also some abstract motifs. Human motifs 
represent mainly adult men but there are also 
women and some infants. There are more than 
30 species of terrestrial and aquatic animals 
represented in the rock art such as eagles, 
rabbits, turtles, whales, and fish, but the 
most frequently depicted and in close 
association to human motifs are deers, bighorn 
sheep (borrego cimarrón) and sand pronghorn 
(berrendo). There are also a few reptiles 
including turtles. The figures are mainly 
painted in red and black, and to a lesser extent 
white and yellow. The dating of the Great 
Mural paintings has been a matter of debate 
ranging from the 6th millennium BC to the 1st 
millennium BC (16) (17) (18:81-82) (19) 
(20:94, 337). 

The Rock Art of the Mediterranean Basin 
on the Iberian Peninsula is a large group of 
prehistoric rock art sites recognized by 
UNESCO in 1998 (WHL property 874, see 
https://whc.unesco.org/en/list/874). It 
includes 758 sites with paintings in red and 
black color distributed across six Autonomous 
Communities of Spain from Catalunya to 
Andalusia. The paintings are mainly found in 
shallow rock shelters, but sometimes also in 
small caves and boulders. Depictions are 
usually placed on the front walls of rock 
shelters at different altitude from the ground, 
but sometimes also in the ceilings of shelters 
or in difficult locations to reach. The 
UNESCO list aggregates three different 
artistic traditions possessing different 
iconographies that can be related to different 
historical periods, territories and socio-
economic realities of the prehistory of the 
Iberian Peninsula (fig. 3). The Levantine rock 

Figure 3 – Sample of the rock art traditions inscribed in 

the WHL property 87: (A) Macroschematic, (B) 

Schematic, and (C) Levantine motifs. (from (1)) 

Figure 1 – M. Díaz-Andreu during IR measurements in 
Cueva Pintata (photo by C. Villalobos) 
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art tradition is mainly confined along the Mediterranean coast and its immediate inland, the 
Macroschematic is witnessed exclusively in a limited mountainous area beyond the Cabo de la Nao 
promontory in the northern part of Alicante province (Hernández Pérez 2009:68), while the Schematic 
rock art tradition is widely distributed in different environments of the Iberian Peninsula and even 
beyond in a broader area that includes the central Mediterranean basin (France, Italy, Balkan coast; 
see (21) (22) (23)). The Schematic rock art is composed of smaller, basic silhouettes filled with 
pigments, representing anthropomorphs, animals, geometric motifs (such as lines, zigzags, dots), and 
symbols (24). In contrast to the two previous styles, Levantine art has a more naturalistic and narrative 
nature. The size of motifs varies, but they are typically around 10 cm in height. The scenes depicted 
provide us with highly relevant information about individual or group hunting activities, trapping and 
tracking of wounded animals, harvesting (such as honey), military confrontations, combats and dance 
(including also music) (25). The Macroschematic art is characterized by large, schematic motifs up to 
a meter high. They represent anthropomorphs with raised arms normally located in the center of the 
shelter and snake-like figures usually formed by a few parallel lines sometimes surrounded by dots 
and short lines and other geometric motifs (26:64-69). The chronology of these artistic manifestations 
has been the focus of fierce debate, partly because there are opposing views regarding the 
Neolithization process on the Iberian Peninsula (27, 28)Macroschematic rock art has been dated to 
the early Neolithic because of the similarities between some of its motifs and those impressed on the 
Neolithic cardial pottery found in caves such as Cova de l’Or and Cova de la Sarsa (29) (30). The 
superimposition analysis show that Macroschematic motifs are always beneath either Schematic or 
Levantine motifs (30:51– 85). It is also thought that the Schematic tradition originated in the earliest 
Neolithic but continued into the Chalcolithic and even later (24). Regarding Levantine art many 
authors believe it has a Neolithic affiliation (31, 32)although some researchers have claimed that its 
origin may be in the final stages of the Upper Paleolithic (33).  

The geological setting of both Baja California and the Mediterranean Basin rock art landscapes 
very often coincides with deep and narrow canyons where shallow rock shelters’ openings on their 
sides offered prehistoric people an adequate vertical support for the execution of paintings. From an 
acoustic perspective, this means that sounds produced within these rock art landscapes can propagate 
better than in other types of open-air natural environments. Hard vertical surfaces – like canyon walls, 
rocky cliffs, outcrops and boulders – can in fact increase multiple sound reflections and refractions, 
which can make sound travel over a long distance, create prolonged reverberation or strong 
envelopment to listeners (34:17). Although it may seem surprising at first sight, this type of rock art 
landscapes act like “city canyons”: narrow city streets with large building façades that can heavily 
affect the propagation and the perception of sound (35).  

What role did the acoustics of these canyons played in the past? Did particular acoustic effects 
motivate prehistoric artists to choose specific sites or sectors of canyons to be decorated? Can we 
correlate specific acoustic parameters (such as Reverberation time, Strength, Speech and Music 
Clarity) to the placement, production and active use of rock art. In order to investigate this, we 
arranged a portable equipment for 3D Impulse Response particularly suited for fieldwork in remote 
and rough terrain. As sound source, we combined the use of large air balloons of 40 cm of diameter 
and a portable dodecahedron powered by solar batteries. The research reported in this paper have been 
undertaken within the framework of two funding schemes: the People Programme (Marie Curie 
Actions) grant of the European Union’s Seventh Framework Programme FP7/2007-2013/ (REA Grant 
Agreement No. 627351) and a grant by the Fundación Palarq in 2018. This research has also benefitted 
from discussions undertaken in the umbrella of the ERC Artsoundscapes project (Grant agreement 
number 787842). 
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ABSTRACT 
In this work, vibration acceleration of a high-voltage three-phase gapped-core shunt reactor is studied. The 
active part is oil-immersed, has three wound limbs, and two flux return limbs. Measurements are done using 
fibre optical accelerometers, which allows one to install sensors at locations otherwise not accessible for 
conventional piezoelectric accelerometers due to presence of high electromagnetic fields. Measured results 
are compared to simulation results, where forcing of the structure is assumed to be dominated by Maxwell 
forces. The study shows good qualitative agreement at twice the power frequency. Results obtained give 
insights in the dynamic behaviour of the gapped-iron core, which can be used for optimization of noise and 
vibration behaviour. 
 
Keywords: Power Transmission, Shunt Reactor, Gapped-Core Reactors, Vibration, Maxwell forces, Fibre 
Optical Sensors  

1. INTRODUCTION 
Gapped core reactors are electrical components mainly used in electrical transmission networks. 

Their function is to stabilize the grid voltage by consuming reactive power of overhead lines in low 
load conditions, e.g. during night time. High quality and long term stability of such components is 
crucial for a reliable transmission network, but next to that low noise and vibration levels are often 
required by customers. The current trend is that even lower noise and vibration levels than today’s 
standard are requested, and all manufactures are confronted to meet these challenging demands.     

Noise emission by gapped-core shunt reactors and other electrical components such as (large) 
power transformers has a tonal character. This can be perceived as more annoying than broadband 
noise with the same equivalent sound levels (1). Primary sources of noise and vibration of gapped-
core reactors are linked to the iron-core and current conducting windings. Three different source 
mechanisms can be distinguished: i) Lorentz forces acting on the windings, ii) Maxwell forces at the 
interface between core-steel and air, and iii) magnetostriction which is a property of all ferromagnetic 
materials. Because all phenomena are simultaneously present the determination of the main source of 
vibration and noise can be challenging. In various studies, researchers came to the conclusion that for 
some designs core vibration is dominated by Maxwell forces (2), whereas for other configurations 
magnetostriction dominates the response at twice the power frequency (3). Further, it was shown that 
for a two-legged gapped core reactor with a small gap, i.e. approximating an ordinary transformer 
core, magnetostriction dominates the overall vibration response, but by increasing the total gap length 
the Maxwell force component will increase and eventually dominates the overall response (4). In (5) 
a direct comparison was made between two cores of the same global dimensions, where an gap of 2 
mm was created in the middle limb of one core. It was found that the peak-to-peak vibration 
acceleration of the reactor core was three times higher than the transformer core , which can be 
attributed to Maxwell forces (5). The optimal choice of spacer material, i.e. the non-conducting 
material which create the gaps, was also investigated in relation to noise and vibration. In (6) it was 
shown that optimizing the modulus of elasticity of the spacers can significantly lower the vibration 
response, which was also reported in (2). 
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It should be noted that the above mentioned results are obtained for model scale cores operated at 
a few hundred volts maximum. The active part of these reactors is therefore surrounded by air, as 
opposed to high voltage equipment where oil is normally used as di-electric insulation and cooling 
medium. The dynamic mechanical response of a structure immersed in oil will however be modified 
by a fluid loading phenomenon in such a way that the natural frequencies are altered from their in-
vacuum values (7). In addition, it can be shown that model scale cores with length scales in the order 
of decimetres have eigen-frequencies at higher frequencies than high-voltage units where length-
scales are in the order of meters. Tank vibrations and sound levels of an oil-immersed high-voltage 
single phase gapped-core reactor was studied in (8). It was reported that the eigen-frequency of the 
so-called the box-mode was altered by 10 Hz due to fluid loading (8), which shows that a fully coupled 
analysis is needed when considering an oil-immersed active part. Further, it was reported that Maxwell 
forces are the dominant source of vibration in (high-voltage) reactors (9). Direct comparison of the 
measured and simulated on-load vibration response has, to the best of our knowledge, not been 
reported for high-voltage oil-immersed shunt reactors.  

In this work, vibration acceleration of a high-voltage three-phase gapped-core shunt reactor is 
studied numerically and experimentally. Simulation results are compared against measured results at 
twice the power frequency. It is assumed that core vibration is dominated by Maxwell forces, which 
implies that magnetostriction is neglected in the numerical analysis. Measured results are obtained 
using fibre-optical sensors, which allows one to install sensors at locations otherwise not accessible 
for conventional piezoelectric accelerometers. The reactor considered is a three-phase, five-legged 
design with a nominal voltage of 400 kV, and 150 MVAr reactive power. Its oil-filled weight is in the 
order of a few hundred metric tons, and typical length scales of the active part are in the order of 
meters in all directions. 

2. THE MODEL 

2.1 Basic Description of a Gapped-Core Reactor 
A gapped-core reactor basically consist of a magnetic iron-core with current conducting windings. 

In case of a fixed power reactor, each phase is equipped with a single winding, but designs with 
multiple windings per phase are also possible and are referred to as variable  power shunt reactors 
(VSR’s). Depending on the application and design philosophy a single or three-phase concept is used, 
where the latter can have three or five limbs. With a five limb layout, which is studied here, the outer 
two approximately rectangular limbs are referred to as flux return limbs. The wound limbs, on the 
other hand, are cylindrically shaped and built up by radially stacked packets, see Figure 1.  

 

Figure 1: Illustration of three-phase 5-legged gapped-core active part (left), and close-up of a gapped-core 

limb with steatite spacer discs (right). 

 
Between the three phases the magnetic flux is carried by the top- and bottom yokes. Together with 

A3 
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A2 
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the flux return limbs the yokes form a low reluctance path for the magnetic flux. The radially stacked 
core packets are separated by non-magnetic steatite disks, which create the gaps. The total gap created 
is an important design parameter of a gapped-core reactor and mainly determines, next to the cross-
sectional area of the limb, the impedance of the device. The core is built up from thin sheets of grain-
oriented electrical steel and can contain thousands of laminations per sub-component. The assembled 
yokes and flux return limbs gain its stability and stiffness from a  clamping construction which acts in 
the direction of lamination (not shown here). Such a laminated structure is very strong and can 
withstand large in-plane loads. This property is needed, as the forces to clamp the gapped-core limbs 
and windings are transferred from the tie-rods to the bridges to the yokes. A well-balanced pressure 
exerted on the gapped-core limbs is needed to minimize vibration levels due to high dynamic forces 
acting on the core. 

2.2 Electromagnetic Force Model 
It is assumed that vibration at twice the power frequency of a high-voltage gapped-core reactor is 

dominated by Maxwell forces, which can be interpreted as attractive forces that try to minimize the 
gap length. In order to calculate the Maxwell forces that act on the individual core-packets a two-
dimensional axis-symmetric electromagnetic model based on Rabin’s method is utilized (10). The 
magnetostatic harmonic model gives an analytical solution to the 2d-vector potential  in the -
plane, by solving a truncated set of boundary conditions. Using  the axial component of the 
flux density , and the radial component of the flux density,  can be obtained. Using the computed 

-field, peak axial forces, , are here calculated at the top and bottom surface of each packet and 
yoke: 

 

 

 
where,  is the magnetic permeability in vacuum, and  the radius of the gapped-core limb. 

In the context of this work, results are obtained for a fictive single-phase configuration, where 
geometrical properties of one gapped-core limb with yokes and flux return limbs, are taken into 
account. Hence, it is assumed that three-dimensional effects have only a marginal impact on the 
computed Maxwell forces acting on the surface of each core-packet, which has been verified by 
comparing three-dimensional simulations using Ansys Maxwell. It was found that the difference 
between the computed peak forces of the analytical approach and 3D-FEM was maximum 10%, where 
the analytical approach typically results in a somewhat higher value. The same discrepancy between 
analytical and numerical results were reported in (8). 

The computed normal forces acting on the top- and bottom surfaces of the gapped-core packets are 
shown in Figure 2.  

 

 
Figure 2: Flux lines (left), and axial forces acting on the gapped-core limbs and yokes (right). Positive 

forces are linked to the top faces of the packets, whereas negative forces are linked to the bottom faces. 
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In addition, the net normal force acting on the individual packets are also shown. It can be seen 
that forces acting on the top- and bottom faces of an isolated packet are in opposite direction and have 
approximately the same magnitude, resulting in a near-to-zero net force acting on each packet. This 
holds, except for the two outer most packets, where a difference in gap-height and geometrical 
configuration ultimately leads to a deviation of the axial force component of the top and bottom faces. 
Further, it can be seen that the forces between the yokes and end-packets are biggest, and the peak 
values are in the order of a few hundred kilo newton for this configuration. The direction of these 
forces is always inwards, i.e. the normal forces are pointing towards the geometrical centre of the 
structure, at half-height of the limb.  
 

2.3 Vibroacoustic Model 
To simulate the vibration response of a gapped-core active part, a fully coupled vibroacoustic 

harmonic model is setup in Ansys Workbench. Details about the setup and main assumptions are 
discussed below. 

 
 Mechanical Model 

The active part of the gapped-core reactor is immersed in oil and enclosed by the reactor tank. The 
stiffened tank structure is geometrically simplified by leaving out e.g. the bushings, the conservator 
tank, and radiators. In addition, small-scale details such as flanges, control-cabinets, and other 
accessories are also left out. This will by definition have an effect on the eigen-frequencies of the 
complete system, but as measurements are performed on the active part , the impact to the simulated 
response is considered minor. 

The solid mechanical model, i.e. all non-fluid domains, comprises of three basic materials. The 
components forming the tank are modelled as construction steel with a density of 7850 kg/m3, 
Young’s modulus of 2e11 Pa, and a Poisson’s ratio of 0.3. All core steel components, i.e. 
yokes, limbs and return limbs, are assumed to have isotropic properties with a density of 7650 
kg/m3, a Young’s modulus of 1.1e11 Pa, and a Poisson’s ratio of 0.3. The non-magnetic 
steatite spacer disks are assumed to have a density of 2650 kg/m3, a Young’s modulus of 
7e10 Pa, and a Poisson’s ratio of  = 0.24. To reduce computational efforts and minimize small scale 
details in the computational mesh, regions with steatite spacer disks are substituted by an 
homogeneous cylinder with equivalent material properties and , as suggested in (7). 
Practically speaking more material is introduced, which is compensated by lowering the Young’s 
modulus and density through multiplication with the filling factor of the air-gap, , being 0.55 in 
this case. 

In this paper, it is further assumed that the active part and tank are only coupled via the enclosed 
fluid, which means that direct structural coupling paths are neglect in the analysis. The active part is 
fixated in the fluid domain by imposing a fixed support condition at the imprint faces of the lower 
support bridges. Other components to pre-stress the structure, i.e. upper bridges and tie-rods, are also 
omitted from the analysis.  

 
 Mechanical Excitation 

The structure is mechanically excited by the calculated Maxwell forces as described in section 2.2, 
which are imported as nodal forces acting on the top- and bottom surface areas of each gapped-core 
packet. The applied force is divided by the number of nodes, which effectively results in a 
homogeneous force distribution. Further, it shall be noted that the Maxwell forces are proportional to 
the squared values of  which implies that for a harmonically oscillating -field, the resulting force 
is non-zero crossing. In other words, the polarity of the force is not changing during a full (sinusoidal) 
period of the applied magnetic field. Using a harmonic solver, applied loads are by nature of the 
method oscillating around zero, and hence polarity of the force vectors are changing after half a period 
of the excitation frequency. To simulate the true, non-zero crossing force function, a transient solver 
has to be used. However, the same acceleration response can be obtained by using a harmonic solver 
if the peak amplitude of the harmonic force function is set to /2, which is utilized here. 

In a three-phase AC-system the U, V, and W lines will produce an equal magnitude voltage with 
an equally spaced mutual phase angle at +/- 120˚ form a reference line at a given frequency. The 
instantaneous Maxwell forces acting on the three gapped-core limbs also experience the same phase 
shift. However, as the axis-symmetric electromagnetic model is only laid out for a single phase 
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configuration no (computed) mutual phase information is available. Here, forces applied to the U, V 
and W phases are given an exact mutual phase-shift of 120˚. 

 
 Fluid Structure Interaction 

Having a vibrating structure surround by a heavy fluid such as oil, the response of the system is 
altered due to a fluid-loading phenomenon. In the simplified case that pressure waves radiate to 
infinity and do not reflect back on the surface of the structure, the fluid exerts a constant force field 
to the structure which can be seen as an added mass. However, when the fluid is contained by e.g. a 
tank, acoustic waves reflect upon the boundaries and can interfere with intersecting pressure waves, 
which may lead to acoustic modes. From literature it is known that a contained fluid exhibits a 
resonant acoustic behaviour, producing a strongly frequency dependent response (7). This, in 
combination with a narrowband excitation mechanism is best solved by a fully coupled formulation.  

Coupling of the structural domains and the fluid domain is done at the outside surfaces of the core 
and inside surfaces of the tank. To do that, two coupling boundary conditions are imposed. The first 
coupling condition states that vibration velocity of the mechanical structure normal to the surface 
shall match the surface normal velocity of the fluid, whereas the second coupling condition states that 
an acoustic pressure wave will introduce mechanical stress to the solid. The combination of the first 
and second coupling condition assures a feedback mechanism, which enables vibrational energy to be 
transferred to acoustic energy and back to vibrational energy again.  

In this work, the speed of sound in oil is assumed to be 1400 m/s, whereas the density of oil is 
assumed to be 850 kg/m3.  

3. MEASUREMENTS 
On-load vibration measurements of the gapped-core shunt reactor has been performed in the high-

voltage laboratory of Royal SMIT Transformers. To energize the reactor at rated voltage and rated 
current the unit has been connected to a step-up transformer.   

To measure on-load vibration of high-voltage electrical components, ordinary piezo-electrical 
accelerometers which are resistant to oil, solvents and other liquids are available on the market. 
However, the drawback is that these piezo-electrical sensors are sensitive to external magnetic fields, 
and their co-axial cables cannot be routed through zones where high electrical field strengths are 
present. To mitigate these shortcomings custom-made single-axis fibre-optical accelerometers have 
been implemented, which are manufactured from non-magnetic non-conducting materials. 

The basic principle of the fibre-optical vibration measurement technique used here is to track the 
dynamic displacement of an optical resonator. By application of a given vibration signal the sensor 
response will exhibit a continuous shift of the measured optical resonance peak around a known 
optical resonance frequency. In a post-processing step the transient optical displacement response of 
each sensor is translated into a transient acceleration signal, which in a second post-processing step 
is translated to the frequency domain using FFT. A vibration acceleration level is than obtained 
through , where  is the measured acceleration, and  is the reference 
acceleration here set to 1e-6 m/s2.     

Here, four single-axis fibre-optical accelerometers have been fixed to the active part of the gapped-
core reactor, see Figure 1 for the schematic locations. Sensors A1 and A2 are mounted to the flux 
return limb, with their principle measurement axis placed parallel to the y-axis of the global domain, 
which is shown in Figure 1. Sensors A3 and A4, on the other hand, have their principle measurement 
axis placed parallel to the z-axis. An example of a fibre-optical accelerometer mounted on the gapped-
core limb is shown in Figure 3.  

Now, energizing the reactor at 50 Hz will lead to Maxwell forces at twice the power frequency, i.e. 
100 Hz in this case. In absence of other excitation mechanisms, the measured vibration response will 
display a distinct peak at 100 Hz similar to the one shown in Figure 3. 
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Figure 3: Fiber-optical acceleration sensor at outer edge of gapped-core packet (left). typical response 

spectrum for a system operated at 50 Hz power frequency (right). 

4. RESULTS 

4.1 Simulated Forced Response  
The total, and y-component, of the modelled vibration acceleration at 100 Hz with phase angles of 

0˚ and +180˚ are shown in Figure 4. It can be seen that phase U at 0˚ phase angle displays a peak in 
total acceleration, and simultaneously the neighbouring flux return limb exhibits its maximum 
acceleration with positive slope in the y-direction. This happens when the applied force field to phase 
U is at its maximum and is pointing inwards. Now, at +180˚phase angle the flux return limb has its 
maximum acceleration with negative slope, which happens when the force field is at its minimum and 
is pointing outwards. In both cases, the flux return limb next to phase W experience only a very small 
acceleration. The acceleration of the flux return limb next to phase W is at is maximum at 
approximately +90˚ and +270˚ phase angle. Due to the three-phase excitation mechanism the vibration 
response appears to travel from phase W to phase U, which obviously would be revered  by swapping 
the phase angles of the both phases. The oil pumping effect of the flux return limb is considered to be 
an important source of transmitted vibrations to the tank, as was also addressed by (8).       

 

Figure 4: Total vibration acceleration of gapped-core reactor at 100 Hz and a phase angle of +0˚ (top-left), 

and +180˚ (top-right). Vibration acceleration, y-component , at 100 Hz and a phase angle of +0˚ (bottom-

left), and +180˚ (bottom-right). The acceleration response is projected on a deformed frame.   

z 

V U W U V W 
y 
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4.2 Multiple Frequency Excitation  
With a fine enough spatial resolution it is possible to visualize the measured operational deflection 

shape at the driving frequency. This is not possible with the set of accelerometers used here. However, 
to display the underlying mechanical response at the measurement locations, it is possible to drive the 
system at a variable frequency with constant force. This can be done by means of a constant frequency 
approach, i.e. by treating each frequency as a separate test. In this work, a discrete multiple frequency 
excitation is executed in a range from 48 to 52 Hz in steps of 1 Hz. This results in Maxwell forces 
appearing at 96 to 104 Hz in steps of 2 Hz.  

The measured vibration acceleration levels of sensors A1 to A3 are compared against the simulated 
vibration acceleration in Figure 5. To give an impression of the response outside the measured range, 
the simulated frequency range has been extended to +/- 10 Hz around the 100 Hz frequency component. 
It can be seen that the simulated response is in the order of 6 dB higher than  the measured values, 
which holds for all three sensor locations. Further, it can be seen that the overall increasing trend with 
frequency is captured well.   

 

Figure 5: Comparison of measured and simulated Vibration Acceleration Levels at locations A1 to A3. 
 
As phase information is not available between individual measurements, e.g. using a continuous 

reference signal, comparing the computed and simulated phase angles for a given sensor is not 
possible. By comparing the transfer functions between different sensors, the mutual phase lag can 
however still be recovered. The computed and measured phase difference from A1 to A3, and A1 to 
A2 are shown in Figure 6. As sensors A1 and A2 are both located on the flux return limb it is expected 
that the phase difference is small, which is confirmed by the measurements. The simulated angular 
difference from A1 to A2 is approaching zero, suggesting the model results are nearly symmetric 
about the middle axis. Comparing the computed and simulated angular difference from A1 to A3 it 
can be seen that measured results tend to +180˚, whereas the model predicts an angular difference of 
approximately +120˚.     

 

 
Figure 6: Measured versus simulated angular difference between sensor A1-A3 (left), and A1-A2 (right). 
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5. CONCLUSIONS 
Vibration acceleration of a high-voltage three-phase gapped-core shunt reactor was studied in this 

work. Measurements obtained by fibre-optical accelerometers were compared to simulation results, 
where forcing of the structure was assumed to be dominated by Maxwell forces. The study shows 
good qualitative agreement at twice the power frequency for a small range of measured frequencies 
around the 50 Hz component. The fibre-optical technique has proven to give valuable insight in the 
dynamic mechanical behaviour of a three-phase gapped-core shunt reactor, which can be used for 
optimization of noise and vibration behaviour. 
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ABSTRACT 
Periodic arrangements of elements, such as scatterers, local resonators, and inertial amplifications can induce 
band gap phenomena, which result in vibration isolation in mechanical systems due to a significant reduction 
in the energy transmission from source to receiver. This effect has led to vibro-acoustic applications focusing 
mainly on the reduction of structure-borne noise. Here, we propose to broaden the application range by 
utilizing the band gap effect to increase the efficiency of sound radiation from vibrating mechanical structures. 
The increase in radiation efficiency is caused by the enhanced vibration localization near the excitation point. 
In order to illustrate the phenomenon, a one-dimensional mass-spring model with periodically placed local 
resonators is examined and with this theoretical model vibration localization and sound radiation efficiency 
are analyzed. 
Keywords: Band gap, Sound radiation, Radiation efficiency, Plate 

1. INTRODUCTION 
Passive control of vibro-acoustic response by utilizing novel materials has long been an interesting 

subject of research. As a promising candidate, the metamaterials based on the band gap phenomenon, 
which is realized by periodically arranging local resonators, has received great attention recently [1-
3]. Liu et al. demonstrated that the band gap-based metamaterial can reduce the structure-borne noise 
transmission significantly. This metamaterial was fabricated with a periodic resonator composed of a 
lead ball and a silicone rubber coating [1]. After this pioneering work, the band gap has led to many 
vibro-acoustic applications focusing mainly on the reduction of structure-borne noise [2,3]. For these 
applications, it is generally regarded that the reduction of vibration results in the reduction of noise. 
However, the efficiency of sound radiation has received less attention , although it plays an important 
role in the interaction between vibration and sound. Furthermore, in a previous study, it was found 
that the efficiency of sound radiation may increase and may thus neutralize the benefit of band gap 
for noise reduction [4]. 

Based on the increased radiation efficiency, in this work, we propose a way to broaden the 
application range by utilizing the band gap to enhance sound radiation. The key idea of this approach 
is confining vibrations at a localized zone using the band gap. Fig. 1 describes the problem in which 
resonators bound the sound radiation zone with spatial periodicity of a. To illustrate this idea, a 
theoretical model based on a thin plate with periodically placed single degree of freedom resonators 
is developed in Section 2. Using the theoretical model, characteristics of vibration and sound radiation 
are examined in Section 3. To support the theoretical study, an experimental validation is carried out  
in Section4. Finally, Section 5 concludes this work. 

                                                        
1 jjung@elektro.dtu.dk 
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Figure 1 Description of the problem 

2.  THEORETICAL BACKGROUND 

2.1 Structure modelling 
We consider a periodic unit cell structure, which is composed of a thin plate and a mass-spring 

resonator as described in Fig. 2(a). Assuming a harmonic motion, free vibration of the plate can be 
described with thin plate theory as, 

2 4 0,w D w  (1) 

where ω is the angular frequency, w is the vertical displacement, 4 is the biharmonic operator, ρ is 
the mass density, and D is the bending rigidity (D = Eh3/12(1-ν)) which is expressed with the elastic 
modulus E, the thickness h, and the Poisson’s ratio ν. Furthermore, the equation of motion of the 
mass-spring resonator can be expressed as, 

2 0,r r r r pm w k w w
 

(2) 

where mr and kr are the mass and stiffness of the resonator, wr and wp are dofs of the resonator and the 
plate at the connection point. Employing the finite element method, Eq. (1) can be discretized and 
combined with Eq. (2) as a matrix equation as, 

2 ,M K w 0
 

(3) 

where M, K are the mass and stiffness matrices, and w is the displacement vector. 
With the assumption that the unit cell structure is infinitely periodic, wave functions propagating 

in the band gap structure follow the Bloch theorem [3], which is stated as,  

e ,jkaw r a w r  (4) 

where r is a position vector inside a unit cell, a is the lattice vector (a = (ax,ay)), and k is the bending 
wave vector (k = (kx,ky)). The term ejka represents the amplitude and phase change, which is 
determined by the wave vector k and lattice vector the a. 

Combining Eq. (3) and Eq. (4), a dispersion equation which defines the relation between wave 
vector k and frequency ω can be obtained as [2,3],  

2 ,M k K k w 0M k K k 0
 

(5) 

where the tilde symbol represents the modification of matrices. 
To obtain a dispersion relation for the band gap structure, Eq. (5) needs to be solved for every 

possible combinations of wave vectors, but due to symmetry, we may confine the wave vectors to the 
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irreducible Brillouin zone (IBZ) which is described in Fig. 2(b). Usually the wave vectors are further 
reduced to the boundary of the IBZ, (i.e., Γ→X, X→M, and M→ Γ) because the dispersion curve 
obtained by solving Eq. (5) along the contour contains sufficient information to identify band gaps.  

 

Figure 2 Unit cell structure (a) and wave vector space (b) 

2.2 Sound radiation modelling 
The sound pressure p, which is radiated from a baffled and flat plate can be calculated based on 

the Rayleigh integral as [5],  

0

0

,
2 ,

jkR

S

j vep dS
R r r

 (6) 

where ρ0 is the mass density of air (1.2 kg/m3), k is the wave number of acoustic wave (=ω/c0, c0 = 
343 m/s), R is the distance between the field point r0 and the surface point r, v is the surface normal 
velocity, and S is the surface area. Here, the plate is considered stiff enough to neglect the air loading.  

Using Eq. (6) the radiation efficiency [5] which is dimensionless quantity measuring the efficiency 
of sound radiation can be calculated as, 

*
0 0

,

S

c vv dS
 

(7) 

*

Re ,
2S

pv dS  (8) 

where Π is the sound power and the asterisk denotes the complex conjugate. 

3. SIMULATION RESULTS 

3.1 Simulation conditions 
Using the theoretical model, simulations are performed to examine the vibration and sound 

radiation features of the band gap structure. A thin acrylic plate with dimensions of 800 mm × 600 
mm × 3 mm is considered. The material properties of the acrylic are elastic modulus of 3.1 GPa, 
Poisson’s ratio of 0.38, mass density of 1165 kg/m3, and a loss factor of 0.2. To create a band gap, 
768 resonators are periodically distributed on the plate with the periodicity of 25 mm. The resonator 
parameters (i.e., mr = 5.2 g, kr = 18.47 kN/m) are determined to adjust band gap at the frequency range 
of interest (i.e., 300-500 Hz). Every edges of the plate are clamped and a surface force of 1 N/m2 is 
applied at the center. Finally, a square sound radiation zone is created at the center of the plate by 
removing resonators. 

3.2 Band gap property 
The propagation of bending waves is analyzed with the dispersion curve which describe the relation 

between frequency and wave vector. Using Eq. (5), the dispersion curve is obtained as shown in Fig. 
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3(a). In this figure, the band gap, which mismatches with wave vectors, is identified ranging from 300 
Hz to 549 Hz. At the upper bound of the band gap, i.e., 559 Hz, the flexural wave dispersion coincides 
with the acoustic wave dispersion since the periodic resonators slow down the speed of propagation 
of flexural waves. Around this frequency, sound radiates effectively due to the matching between 
acoustic wavelength and flexural wavelength, which is known as the coincidence effect. 

In the finite periodic structure, the band gap can be analyzed with eigen frequency distribution as 
shown in Fig. 3(b). In contrast to the distributed eigenfrequency spectrum of the bare structure, the 
band gap structures have separated eigenfrequency spectra. The fully filled band gap structure has no 
eigenfrequencies in the band gap range where no standing waves are formed. When the square zone 
is created by removing resonators, several discretely located eigenfrequencies intrude the empty band. 
These are localized modes. The small zone with 50 mm edge length has a single localized mode at 
487 Hz whereas the larger zone with 100 mm edge length has double localized modes at 348 Hz and 
506 Hz. The formation of the localized modes is determined by the parameters of the zone for example, 
dimensions, material properties, and shape. 

 
Figure 3 Dispersion curve (a) and eigenfrequency distributions (b) 

Fig 4(a) displays the mode shapes of the larger zone with 100 mm edge length. For an ordinary 
plate structure, as the order of the mode increases mode shapes become distributed and complicated. 
However, the localized modes are simple and advantageous for sound radiation due to the small 
cancellation between acoustic waves in the near field. To verify this concept, modal radiation 
efficiencies, which is calculated using the mode shape vectors and Eq. (7) is presented in Fig. 4(b).  

The localized modes B and C show logarithmically increasing radiation efficiency at the frequency 
range from 100 to 1000 Hz. This smooth behavior attribute to the small interference of acoustic waves 
due to the simple mode shapes. On the other hand, the distributed mode shapes at A and D show 
fluctuating radiation efficiencies caused by a large interference of acoustic waves. For frequencies 
below 500 Hz, the localized mode B outperforms other modes with highly increased radiation 
efficiency. Thus, the localized mode can be used to enhance sound radiation at the frequency of interest 
ranging from 300 to 500 Hz. 

 
Figure 4 Mode shapes of the 100 mm zone (a) and modal radiation efficiency (b) 

g g
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3.3 Sound radiation 
To analyze the sound radiation of the band gap structure, sound pressure levels (SPLs) 1 m away 

from the center of the plate are calculated using Eq. (6).  Fig. 5 displays SPLs for four different cases. 
For small zones (Full and 50 mm), the SPLs are significantly reduced but gradually increase within 
the band gap. On the other hand, for the larger zone with 100 mm edge length, the SPL increases over 
the bare structure within the band gap frequency. For this case, the SPL peak appears at 348 Hz which 
corresponds to the frequency of localized modes. The smooth SPL response is obtained due to the 
small number of peaks. 

 
Figure 5 Sound pressure levels for different cases 

At the lower bound of the band gap (300 Hz), dips appear for the cases of small zones (full and the 
50 mm). These dips can be interpreted with the cancellation of acoustic waves on the surface due to 
the out of phase vibration induced by the resonator. Fig. 6(a) illustrates the cancellation by describing 
the vibration velocity field of the full band gap structure at 300 Hz. These cancellation effects are 
alleviated for the large zone (100 mm) where the out of phase vibration is distant from the center.  

At the upper bound of the band gap (548 Hz), common peaks appear for band gap structures. These 
peaks match with the coincidence between acoustic and flexural waves as shown in Fig. 3(a). The 
uniform vibration velocity field displayed in Fig. 4(b) supports the occurrence of coincidence effect 
at the upper bound of the band gap. 

The radiation efficiencies of band gap structures are displayed in Fig. 7. The peaks and dips of the 
radiation efficiency at the upper and lower bounds of the band gap are observed. For the large zone, 
the radiation efficiency increases by 10 dB above 400 Hz in comparison with the bare structure. 

 
Figure 6 Vibration velocity field at the dip frequency (a) and peak frequency (b) 

y y p
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Figure 7 Radiation efficiency  

4. CONCLUSIONS 
In this work, we have demonstrated the increased efficiency of sound radiation using a band gap 

structure. A theoretical model is developed based on the thin plate theory and the Bloch theorem. 
Mass-spring resonators are periodically arranged on the plate to create the band gap ranging from 300 
to 549 Hz. The sound radiation from the vibrating band gap structure is modelled using the Rayleigh 
integral formulation. From simulations, we found that the band gap structures localize vibration at a 
certain zone and the localized vibrations amplify the sound pressures with small number of resonances. 
These effects lead to the smoothed frequency response and the increased efficiency of sound radiation. 
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Numerical simulation of vibration damping by granular materials 

Masao TAKESHIMA1; Takumi ASAKURA2 
1 2Tokyo University of Science, Japan 

ABSTRACT 
In recent years, there have been examples of efforts related to vibration reduction of plate vibration using 

granular materials, impact dampers, etc. On the other hand, as a means of analyzing the influence of the 
application of granular material on the vibration characteristics of the plate-shaped structure, it is currently 
said that little knowledge has been obtained. In this report, a simulation method of the damping effect of 
bending oscillation of the plate by granular material combining following two kinds of methods was proposed. 
One is the discrete element method (DEM) for analyzing the motion of the granular material. The other is 
the finite-difference time-domain (FDTD) method for vibration analysis of the thin plate.  
In this proposed method, influence of the granular material on the plate vibration was considered. Validity 

of the proposed method was confirmed by comparison between the results of the calculation and the model 
experiment. Then, this study confirmed the dependency of the damping effect of the plate vibration on the 
external excitation force caused by the granular material.  
 
Keywords: Vibration damping, Wave-based numerical simulation, Granular material, FDTD.  

1. INTRODUCTION 
Techniques of vibration control are one of the most important factors to improve in the quality of 

our current living environment, and those has been developed in various ways. Among them, the 
vibration control for plate-like structures such as ceilings and floors in the architectural fields has 
been well studied and has been also investigated for many years from the viewpoint of a floor-impact 
sound problem between dwelling units on the upper and lower floors in a residential space. The noise 
control technique which realizes sufficient damping effect of the ceiling structure by laying charcoal 
bag on the ceiling board has been reported [1]. In these researches, it is supposed that the damping 
effect may be caused by the collision of the granular material and the plate-like oscillator. The 
vibration control effect has been determined experimentally in various papers, howeveranalysis 
method has not been sufficiently yet investigated. It is difficult to accurately predict the damping 
effect caused by such granular materials by only considering the vibration analysis of plates, can be 
realized by combining that simulation method of bending-vibration of plates and particle motion of 
the granular materials. While various kinds of researches related to vibration damping have been 
studied, simulation method of such phenomena has not been sufficiently developed. Therefore, it is 
effective to analyze the motion of particles in addition to the vibration characteristics of the bending 
vibration of plate-like structures and to efficiently couple them. 

There are various kinds of methods currently available for vibration analysis of main oscillators, and 
these methods are classified into energy-based, and wave-based methods. Methods based on energy 
include practical methods [2, 3] using empirical formulas and statistical energy analysis (SEA)[4], 
which are used as predictions in aerospace engineering [5]and building fields respectively[6, 7]. While 
SEA can be applied without limitation to high frequencies, it is difficult to obtain accuracy at relatively 
low frequencies. To address such problems, a hybrid method combining SEA and wave finite element 
method (FEM) has been applied to the problem of structure propagation noise by Cotoni et al., [8]. 
On the other hand, methods based the wave are FEM, BEM, FDM, etc. Since these wave numerical 
analyses include phase information, they make it possible to predict vibration characteristics at low 
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and medium frequencies like building vibrations. On the other hand, the FDTD method is a method 
firstly proposed by Yee [9], and it has numerical advantages that can easily visualize the wave 
propagation mechanism, and applied to acoustics and vibration fields [10, 11]. 

On the other hand, to simulate such a motion of granular bodies, DEM (Discrete element method) 
has been used. DEM was devised by Cundall and Strack [12] to analyze the complex behavior of soil 
in rock engineering, and it is a method that is still in development[13]. Moreover, analysis using DEM 
is also carried out in research in a wide field such as research of dampers with particles in the field of 
mechanical engineering[14]. 

Therefore, in this research, the simulation method which couple the DEM and FDTD method is 
proposed, and the damping effect caused by the granular material were numerically studied. the detail 
of the proposed method and validation method were firstly described. Next, the damping effect of the 
granular material was discussed through the numerical and experimental results. Time-Domain 
Difference Analysis and Discrete Element Analysis 

2. Time-Domain Difference Analysis and Discrete Element Analysis 

2.1 Time Domain Difference Analysis 
This study investigates the time domain calculation for bending-vibration analysis of thin plate. The 

FDTD method is a method of simulating vibration propagation by sequentially performing the time 
integration on orthogonal meshes. Vibration analysis of thin plate is performed by solving propagation 
equation of bending wave for thin plate existing in x,y plane by finite–differential scheme. 
2.1.1 Basic relational expression 

Equation (1) shows the governing equation for bending wave propagation.  
2 22 2 2 2 2

2 2 2 2 2

w wD w D w h h q
x y t x y t t

 
 
(1) 

Here, out-of-plane displacement of bending wave vibration w, density , thickness h, flexural rigidity 
D , loss factor of material and , external force q, respectively. 

In the FDTD method, the differential term of the governing equation represented by the differential 
equation is changed into a finite-differential equations, and solve them step-by-step calculation.  

2.2 Discrete Element Method Analysis 
DEM is a simulation that creates a numerical model consisting of many particles and simulates the 

displacement and rotation of each particle. The contact force is calculated using the contact model 
between particles, and the acceleration, velocity, and displacement of the particles are calculated by 
the difference method from the obtained contact force. In this study, contact force between particles 
is divided into normal direction, and tangential direction as shown in Fig. 2, were three-dimensionally 
calculated.  
2.2.1 Basic relational expression 

The acting force in the normal direction and the acting force in the tangential direction shown 
in Fig. 1 are expressed by the following equation. 

n n n n nF K C n  (2) 

t t t t tF K C t  (3) 

Here, the displacement increment , the velocity increment , the spring constant K, and the viscosity 

Figure 1  Numerical model of the contact between particles, in(a) normal, and (b) tangential direction. 
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constant C in each direction, respectively. Since the Hertz contact model is adopted in this study, the 
particles are in a non-linear contact condition, and the spring constant  and viscosity 
constant in each direction are modeled as the following equation.  

1
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n n2

2
3 1

E rK , 1
2

t t
2 2

2
G rK  

 
(4, 5) 
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n

1

nnC m K , nt

1
4

nC m K  (6, 7) 

Here, Young's modulus E, shear modulus G, Poisson's ratio , radius r, and damping coefficient  , 
respectively. The damping coefficient can be obtained from the coefficient of restitution. The 
acceleration, velocity, and displacement for the acting force between particles expressed by these 
equations can be obtained by the finite-differential equations composed based on the abovementioned 
numerical conditions.  

2.3 Coupling of time-domain difference analysis and discrete element analysis 
In order to simulate the damping effect of granular material, considerarion of the influence of 

granular material on plate vibration, and that of plate vibration on granular material are required. 
Hence, this study was performed by coupling DEM and FDTD method mentioned above. Therefore, 
in FDTD analysis for bending vibration of thin plate, the contact force caused by the collision with 
particles and the effect of out-of-plane displacement in DEM analysis were considered. These two 
considerations are mutually interfered with each other. 

The plate vibration was simulated by considering the influence of out-of-plane displacement in 
DEM analysis. The contact force between the thin plate and the particles is obtained from Eqs. (2) 
and (3) as well as the contact forces between particles. Eqs. (8) to (11) were used for estimation of 
the spring constant and viscosity constant . 
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K
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4

n n nC m K , 
1

4
t n nC m K  

 
(10, 11) 

Here, displacement increment , displacement increment , spring constant K, viscosity constant C, 
Young's modulus E, particle mass m, particle radius r, damping coefficient  , Poisson's ratio  , 
respectively. The subscripts p and w mean particles and wall (plate).  

The increment of displacement can also be calculated from the difference between the increments 
of the out-of-plane displacement and the particle displacement, which are expressed as a weighting 
coefficient from the four plate elements surrounding the colliding particle center in the x, y coordinates 
of the particle center. The inclination of the plate at the contact point was also determined. Moreover, 
particle collision is considered in the analysis of plate vibration using the FDTD method by adding 
the contact force with the particle as the external force term q in Eq. (1). At this time, means the 
z-direction component of the contact force between the particle and the plate described in the section 
2.3. This contact force was also similarly distributed using four weighting coefficients around the 
contact point. In this way, by considering the plate vibration and the particle collision, the force 
considering the inclination of each element is given to the particle, and the z-direction component that 
influences the plate vibration among the forces is added to the equation of bending wave propagation 
as the external force. 

3. Numerical case study 

3.1 Calculation model 
Figures 2 and 3 show models for simulating the damping characteristics of plate vibration by 

granular materials. As shown in the figure, place a spherical particle with a radius of 4 mm on a flat 
plate of 500 mm × 500 mm × 10 mm with all of the four sides and corners with free edge, and the 
corners are supported by spring elements in the z-direction. A virtual box of 100 mm × 100 mm × 100 
mm was set at the center of the flat plate to prevent the particles from spreading around by the 
vibration. The vibration characteristics of the plate were evaluated by giving a transient response from 
the negative to positive direction in the z-direction at the center of the plate as the excitation force 
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and calculating the accelerance and acceleration of the center of the plate at that time.  In this study, 
the values required to the simulation are given as shown in Table 1. The physical phenomena was 
simulated by using these parameters. 

Table 1 Property value about analysis object 
 

Particle Plate 

Young’s modulus, E 17.2 4.97 

Density, [kg/m³] 11.337 1.150 

Poisson's ratio, [-] 0.44 0.388 

Shear modulus, G [GPa] 5.6 
 

Damping 0.912 0.799 

Radius, r [m] 0.004 
 

Thickness, h [m]  0.01 

3.2 Numerical results 
To evaluate the influence of granular material on thin plate vibration, the main purpose was  set to 

confirm the difference between the vibrational characteristics, when granular material was applied. 
Firstly, we compared time response of the acceleration with or without granular materials. Secondly, 
the accelerance is compared with the case when each excitation force (20N, 50N, 80N, 120N, 200N) 
is applied granular materials, and the influence by the excitation force is evaluated. The obtained time-
responses of acceleration with and without the granular materials are shown in Fig. 4. As can be seen 
from these results, it is confirmed that the peak of the acceleration was reduced by applying the 
granular materials. The spike-like waveforms were also observed at about 0.015s to 0.04s. It may be 
due to the jump-up phenomena of the granular materials acted by the external force of the hammering. 

In order to evaluate the influence of the excitation force, excitation was performed with each 
excitation force, and the frequency response of the acceleration was confirmed.  Firstly, Fig.5 shows 
the accelerance when excitation force of 10N, 50N, and 100N was applied without particles. As can 

Figure 2 Simulated model. Figure 3 Simulated model (overhead view). Figure 3 Simulated model (overhead view).

Figure 4 Time transient responses of the acceleration. (Excitation force is 100N.) me transient responses of the acceleration (Excitation f
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be seen from these results, it can be confirmed that the graphs match all three excitation forces. From 
the fact that the accelerance was obtained by dividing acceleration by excitation force was the same, 
it can be confirmed that the acceleration has linearity with respect to the excitation force in the case 
of the vibration of the flat plate without granular materials. 

Next, Fig.6 shows the accelerance calculated by applying granular material and giving each 
excitation force (20N, 50N, 80N, 120N, 200N). From this result, it was confirmed that the acceleration 
has nonlinearity with respect to the excitation force in the vibration of the flat plate with particles 
from the fact that the graphs have difference about each excitation force. In addition, reduction of the 
resonance frequency at the resonance of the (1, 1) bending mode and reduction of the accelerance can 
be confirmed by the addition of the granular material. When the excitation force is large, the resonance 
of the (5, 5) and (7, 7) bending mode is seen to approach the value of the accelerance without particles. 
In addition, when the excitation force is small, the resonance of the (1, 1) bending mode is seen to 
approach that. Thus, there was no consistent tendency that the damping effect was larger as the 
excitation force was larger or smaller. 

 

4. Experimental investigation for acrylic scale model 

4.1 Outline of experiment 
The validity of the coupled analysis method proposed was confirmed by verification experiments 

using an acrylic vibration model. 

Figure 5 Frequency responses of the accelerance. (No Particle). ure 5 Frequency responses of the accelerance (No Partic

Figure 6 Calculated frequency responses of the accelerance. 
Number of particles is 80.  

igure 5 Frequency responses of the accelerance. (No P

Figure 6 Calculated freff quency responses of the accelera
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The model experimental apparatus is shown in Figs. 7 and 8. A flat plate with size of 500 mm × 
500 mm × 10 mm, whose four corners were supported by hanging with rubber, was adopted. The 
particles were spherical with a radius of 4 mm. In order to prevent the particles from spreading around, 
they were surrounded by a lightweight polyethylene buffer material. An acceleration pickup was 
attached to the center of the flat plate, and the center of the lower surface of the flat plate was excited 
by an impact hammer. 

The excitation force was applied with the situation in which the particles are evenly distributed as 
the initial condition, however it is difficult to evenly arrange the particles in the experiment. Therefore, 
the following measurement method was adopted. With the particles randomly placed in the area 
partitioned by the buffer material, the plate was vibrated and the excitation force and acceleration at 
that time were measured. This was carried out several times, and the average value of the obtained 
plurality of accelerances was calculated and used as the experimental results. 

In addition, in order to avoid the experimental result largely depending on the arrangement of the 
particles, in the experiment, the plate is shaken to arrange the particles as uniformly as possible at 
each vibration. A large number of excitation attempts were made to be close to the excitation 
forces(20N, 50N, 80N 120N, 200N). Ten pieces of data as close as possible to each of the five types 
of excitation force were extracted from each of the obtained large number of experimental results, and 
the average value of these was evaluated. 

4.2 Results and Discussion 
In order to confirm that the excitation force characteristics are identical between simulation and 

experiment, the time-response of the excitation force is shown in Fig. 9. From this result, it can be 
seen that the experiment and simulation are in good agreement. Therefore, it is possible to compare 
equally. Next, the time response of acceleration when applying an excita tion force of 100 N with and 
without the granular materials were confirmed in Figs. 10 and 11. The numerical results and the 
experimental results were in good agreement without the addition of granular materials. On the other 
hand, in the state where the granular material was applied, it agreed well up to 0.01 seconds. However 
a difference between them was occurring after that time. 

 

Figure 7 Model experimenting apparatus. Figure 8 Model experimenting apparatus (Size). 
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Next, experimental results and numerical results are compared for the accelerance when applying 
granular material and applying each excitation force (20N, 50N, 80N, 120N, 200N). The experimental 
results are shown in Fig. 12 and the numerical results are shown in Fig. 6. As can be seen from these 
results, it was confirmed that the following tendencies were seen in the numerical results. The 
excitation force dependency and the decrease of each bending mode frequency in the state where the 
granular material is applied, even in the experimental results. In addition, in the experimental results, 
the frequency characteristics around the (3, 3) bending mode under the condition of the excitation 
force of 20 N are different from other excitation forces, however the same tendency is also seen in the 
analysis results. On the other hand, in the experimental results of the excitation force of 80 N, unl ike 
the analysis results, no sharp peak was found at the (1, 1) bending mode frequency.   

Figure 10 Time transient responses of the 
acceleration. (Excitation force is 
100N. )(No Particle). 

Figure 11 Time transient responses of 
the acceleration. (Excitation force is 
100N. )(Number of particles is 80.). 

Figure 12 Measured frequency responses of the accelerance.  

Fi 4 7 TiFii 4 74 TiiFigure 9 Time transient responses of the excitation force. 
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5. CONCLUSIONS 
A simulation method combining DEM for the motion analysis of granular materials and FDTD for 

the bending vibration analysis of plates was proposed. Through a numerical study, the influence of 
the granular material on the vibration characteristics of the plate was investigated. From the case study, 
it was suggested that the damping effect by the granular materials on plate vibration can be predicted 
by using DEM-FDTD. The validity of the proposed numerical scheme is confirmed by comparison 
with the verification experimental results by acrylic model. 
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Abstract
The damping loss factor (DLF) of a structure represents numerically its power dissipation capacity under a
given excitation field, and it is an important input parameter for numerical models based on Statistical En-
ergy Analysis (SEA). Different experimental approaches are described in the literature to obtain the DLF from
complex structures. Nevertheless, the application of such methods to estimate the DLF of highly damped struc-
tures, for example fuselage panels with viscoelastic materials, may be questionable. With its focus on the DLF
computation for highly damped structures, this paper intends to present a broad overview through a numerical-
experimental approach on three of the main methods presented in literature: the Power Input Method (PIM),
the Periodic Structures Theory and the Inhomogeneous Wave Correlation (IWC). Numerical and experimen-
tal results are presented and discussed, exploring details, advantages and limitations according to each method
proposed.

Keywords: Viscoelasticity, Fuselage panels, Inhomogeneous Wave Correlation

1 INTRODUCTION
The attenuation of structural vibration is a crucial step during the design of a high performance structure like

an aircraft, as it directly impacts the cabin interior noise and vibration levels. As a result, passive damping

treatments such as viscoelastic materials (VEM) are widely used due to its simplicity regarding manufactur-

ing/assembly procedures as well as the cost-efficiency relation obtained with such a solution. The VEM appli-

cation to resonant components, such as the skin of an aircraft fuselage, intensifies the energy dissipation through

a vibration cycle (excited, for example, by pressure fluctuations on the turbulent boundary layer), reducing the

total amount of energy transmitted vibroacoustically to the airplane interior.

Figure 1. Viscoelastic layer applied to a fuselage panel. [1]

The damping loss factor (DLF) is then the parameter used to quantify the amount of energy dissipated by a

given structure under an excitation (mechanical or acoustic) field. Many are the techniques developed with the

goal of computing the overall damping loss factor of complex structures.
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This paper intends to evaluate three of the most widespread methodologies for damping loss factor estimation,

focusing on their main limitations for highly damped cases, recurrent in structures treated with VEM. Therefore,

a brief review for the methods implemented is first introduced. Then, numerical and experimental results are

discussed for the case of a simple flat plate treated with VEM, seeking to illustrate the difference in the behavior

between light and heavily damped structures and how it affects each method. Finally, all the methods are

implemented and analyzed for a fuselage panel, also treated with VEM.

2 DAMPING LOSS FACTOR COMPUTATION METHODS
2.1 Power Input Method (PIM)
The definition for a structure’s loss factor is given by the ratio between the dissipated energy per oscillation

radian (Ediss/2π) and the total reversible energy of the system (Evib) [2]:

η =
Ediss

2πEvib
=

Pdiss

ωEvib
. (1)

For the case of steady state conditions, the total power injected (Pin) in the system is equal to the amount of

power being dissipated. For a random excitation signal, this is given by:

Pin = Pdiss =
1

2π

∫ ∞

−∞
Re{Yf f (ω)}SFf Ff (ω)dω (2)

where Re{Yf f } is the real part of the driving point mobility function. SFf Ff is the force power spectral density

on the same point.

Now, we recall that the vibrational energy is the sum of the kinetic and elastic energies.

Er = Ek +Eu (3)

According to SEA hypothesis, when the structure is submitted to a stationary white noise force, as long as a

diffuse field is established, the expectations of kinetic and elastic energies are equal [3]

< Ek >=< Eu > (4)

and the vibrational energy is then given by Equation 5

Er = 2Ek (5)

where the kinetic energy is chosen since it is easier to measure than the elastic energy experimentally and

numerically. One must notice that highly damped structures will likely fail to meet the diffuse field condition,

as the waves will be dissipated before reaching the boundaries. The diffuse field hypothesis leads to:

2Ek =
∫

V
ρ

1

2π

∫ ∞

−∞
Svivi(ω)dωdV (6)

where ρ is the material density, V its volume and Svivi is the velocity power spectral density function for each

point i being measured.

Combining Equations 2 e 6 into Equation 1, and performing some manipulations [1], one can find the final

expression for the loss factor (η) computation, given by:

η(ω) =
Re{Yf f (ω)}

ω ∑N
i=1 mi|Yi f (ω)|2 (7)

The equation above is the one commonly used for experimental/numerical computation when implementing the

PIM theory. The procedure is simply developed by segmenting the complete structure in discrete elements

(representing the masses mi) and measuring the driving and transfer mobility functions in Equation 7.
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2.2 Periodic Structures Theory
When discussing numerical models, the Periodic Structures theory presents an interesting alternative to the con-

ventional full FEM approach, when taking into account space periodicity of a given structure, represented by

the repetition of a cell [4].

Given this, one can propose a relationship between the structure’s degrees of freedom (DOF) as a function of

the wavenumbers (kx e ky) and nodes’ distances given by the relation:

q′ = P(kx,ky)q (8)

where the periodicity matrix P summarizes this relationships between the original DOF vector q and a reduced

array q′. With this considered, one can write the equation of motion for the given cell (considering as well the

periodicity for the internal forces) as:

PH(K−ω2M)P q′ = PHF = 0 (9)

where PH is the hermitian of P. M and K are the original mass and stiffness matrices for the cell. The final

equation is then written as:

(K̄(kx,ky)−ω2M̄(kx,ky)) q′ = 0 (10)

For structural damping, the dissipated power is proportional to the local strain energy on the element (Ur).

Considering local loss factors (ηr) for the different regions on the structure being analyzed, the total dissipated

power is given by

Pdiss = ∑
r

2ωηrUr (11)

The total and strain energies can, finally, be expressed in terms of stiffness and mass matrices and the wave

mode, given by the eigenvector (φn) obtained as a solution to Equation 10. Therefore, the loss factor for a

given wave n is given by:

ηn =
∑r 2ηrφ H

n K̄rφn

φ H
n [K̄ +ω2M̄]φn

(12)

The final step is then the computation of an average loss factor for a given frequency band. Assuming a

reverberant diffuse field, the structure loss factor can be computed as an average of Equation 12 over all the

wavenumber values whose natural frequencies lie within the band of interest.

2.3 Inhomogeneous Wave Correlation (IWC)
The IWC method [5] is based on the measurement of the correlation between harmonic displacement fields. For

a fixed frequency (ω), a 2D harmonic displacement field (ŵ) obtained from the desired structure is selected to

be a reference, compared with the harmonic field generated by a inhomogeneous wave (Equation 13).

ϕ̂k,γ,θ (x,y) = eik(1+iγ)(xcosθ+ysinθ) = eik̃(xcosθ+ysinθ) (13)

First, the heading angle (θ ) of the inhomogeneous wave is fixed, and multiple values of the wavenumber k and

the attenuation factor γ are iterated, creating several harmonic fields depending on the selected pair (kit ,γit ).

Then, the Modal Assurance Criterion [6] (Equation 14) is applied to quantitatively compare how similar is the

shape of each inhomogeneous wave displacement field (ϕ̂(kit ,γit)) and the reference one (ŵ).

IWC(k,γ,θ) =

∣∣∣∑N ŵ(xi,yi).ϕ̂∗
k,γ,θ (xi,yi)ΔSi

∣∣∣√
∑N |ŵ(xi,yi)|2ΔSi.∑N |ϕ̂k,γ,θ (xi,yi)|2ΔSi

(14)

where ˆ represents ω dependence and ∗ the complex conjugate. Si is the equivalent area for the measurement

point and N is total measured points.
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Figure 2. Example of IWC(k,γ) mapping for a fixed θ .

The processes is then repeated fixing now different values θ , selecting for each heading angle the best correla-

tion found by the IWC equation.
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Figure 3. Example of pairs of k and γ selected for each θ of a frequency ω .

Once the previous steps were performed for all the 2D harmonic displacement fields (ŵ) (one for each ω), the

damping loss factor can be then computed from Equation 15. [7]

η(ω) =

∣∣∣∣∣
Im(k̃4)

Re(k̃4)

∣∣∣∣∣ (15)

3 IMPLEMENTATION
3.1 Case 1 - Numerical flat plate
The first case consists of retrieving the harmonic displacement fields from a numerical model developed in the

software VA One R©, for a simple flat plate considering three different cases of damping.

• Dimensions → L×W × t = 0,5×0,35×0,0012m

• Density → ρ = 2700 kg
m3

• Young and Shear moduli → E ′ = 71GPa & G′ = 26,7GPa

• Frequency range → f = 50−1−5600Hz

• Damping Loss factors → η1 = 0,01;η2 = 0,1;η3 = 0,3
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Figure 4. PIM - 2 Forces / 64
Acquisition Points

Figure 5. IWC - 1 Force / 1836
Acquisition Points (Full mesh)

3.2 Case 2 - Experimental flat plate with periodic VEM
The second case is again an aluminum flat plate, now considering two different setups of a periodically attached

VEM. The first one presents a 25% VEM coverage, while the second, 50%. The mobilities in this case were

measured using a laser vibrometer (Polytec R© PSV-500).

• Dimensions → L×W × t = 0,5×0,35×0,0012m

• Frequency range → f = 50−2−12800Hz

• Acquisition Points → 493

Figure 6. 25% coverage. Figure 7. 50% coverage.

Beyond the experimental procedure, results for the mobilities were also calculated through numerical models

of such configurations, using equivalent properties obtained experimentally [8] to characterize the areas with

VEM application. The FEM model was implemented through Nastran R©, while the periodic structure method

was implemented through VA One R©, taking into account the geometry pattern used in the specimen measured.

3.3 Case 3 - Fuselage Panel with VEM
The third case is a fuselage panel with stringers and frames configured to create a 4x6 cell structure. The

fuselage panel skin is covered with VEM in constrained form, covering approximately 50% of the total inner

area. For this case, as in the last one, the mobilities were measured using a laser vibrometer (Polytec R© PSV-

500).

• Dimensions → L×W = 1.8×1.13m

• Frequency range → f = 50−10000Hz

• Acquisition Points → 451
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Figure 8. VEM disposition on the Panel.
Figure 9. Excitation (Beam - blue , Stringer -

green, Skin - red) and Acquisition nodes.

As in the flat plate with periodic VEM, the properties of the applied VEM area were obtained experimentally to

supply the numerical models. A FEM model was then built on Nastran R©software, while the periodic structure

method was applied in VA One R©, taking into account one cell of the fuselage panel.

4 RESULTS AND FURTHER DISCUSSIONS
4.1 Case 1
Figure 10 shows the damping loss factor estimations for three scenarios of DLF (η1 = 0,01, η2 = 0,1 and

η3 = 0,3, constant in frequency) used as input for the flat plate FEM model in VA One R©
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Figure 10. DLF estimation for η1 = 0,01, η2 = 0,1 and η3 = 0,3.

It becomes clear that for cases categorized as low and moderate damping (η1 e η2), results for the two methods

converge quite well to the input result. Nevertheless, for the high damping scenario (η3), the results for the

PIM start to diverge with a frequency increase. One observes that this behavior is based on the fact previously

stated that the reverberant field gradually disappears for higher frequencies as all the energy is dissipated before

the wave can reach the boundaries, as illustrated in Figures 11 and 12, where reverberant and direct fields are

respectively dominants. One can finally observe that the IWC was the method with the closest results to the

expectations for the highly damped model.
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Figure 11. Displacement field for f = 200Hz. Figure 12. Displacement field for f = 5000Hz.

4.2 Case 2
Figures 13 and 14 illustrate, respectively, loss factor estimates for the two different VEM coverage cases (25%

and 50%). All the results present a good agreement, which indicates that the added damping caused by the

VEM treatment was not enough to cause a direct field predominance, which would affect the PIM results.
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Figure 13. DLF estimation for 25% coverage.
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Figure 14. DLF estimation for 50% coverage.

4.3 Case 3
Figure 15 shows the fuselage panel loss factor estimation for both numerical and experimental analyses. The

results show a very good convergence between themselves, for both numerical and experimental data, with

PIM and IWC capturing the same behavior inside a small margin of variation. Again, the application o VEM

covering nearly 50% of the skin of a fuselage panel still didn’t reach a state of dominance of the direct field,

which would lead the PIM to failure.
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Figure 15. DLF estimation for fuselage panel.

5 CONCLUSIONS
The purpose of this paper was to evaluate and compare different methodologies for loss factor estimation in

complex damped structures. While the PIM showed to be a very simple and fast way of computing the DLF, it

might fail in critical cases where the dissipation is so high that there is no reflection of waves in the structure,

failing this way the diffuse field assumption.

In the other hand, the IWC presented good results when compared to those obtained by the traditional methods,

not presenting any limitation for high values of damping. However, although the IWC method may present

advantages, it has also its own limitations. Among them, it is possible to emphasize the necessity to use a rel-

atively complex and expensive system of measurement as the laser scanning, as well as the high computational

cost to handle the calculation and analyze the results when compared to other methods.
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Abstract
The similitude of vibrating structures allows for transferring vibration responses from a scaled structure to
an original structure using scaling laws. Numerical calculations and experimental measurements show that
complete similitude conditions such as equal damping and geometrically complete similitude are essential to
accurately transfer vibration responses from small-scaled structures to the original structure or vice versa. How-
ever, complete similitude conditions can hardly be achieved in practice. A different damping or geometrical
distortions cause the mode shape order to change, which leads to errors when using scaling laws. Nevertheless,
the scaling laws can transfer the vibration responses from the scaled structure to the original structure with a
sufficient accuracy in some cases. This paper analyzes vibration responses of rectangular plates with various
sizes. The vibration responses are obtained from laser DOPPLER vibrometry, and the loss factors are obtained
from transfer function measurements. The vibration responses of an original rectangular plate is transferred to
several scaled rectangular plates. The accuracy of the transferred vibration responses is assessed by comparing
them with the measured vibration responses of the scaled rectangular plates, where several measures are used in
order to assess how well the vibration responses agree.

Keywords: similitude, vibrations, rectangular plates, laser DOPPLER vibrometry

1 INTRODUCTION
Similitude analyses allow for deriving scaling laws, which are used to transfer vibration responses from scaled
structures to an original structure or vice versa. Scaling laws for vibrating structures have been introduced in
several papers. A review paper written by CASABURO [1] summarizes scaling methods for structural design
engineering, where similitude analysis is reviewed with respect to methods to derive scaling laws, structures
used in similitude analyses, and applications of similitude analysis methods in various engineering subjects. It
is shown that – despite the fact that similitude analysis has a long history in engineering – incomplete similitude
conditions still limit the application of scaling laws in practice. In vibroacoustics, incomplete similitude con-
ditions arise from a different damping of the original structure and of the scaled ones and from geometrically
incomplete similitude. Thus, the limitations of scaling laws need to be elaborated, which requires appropriate
measures to assess the accuracy of scaled vibration responses.

This paper shows how incomplete similitude conditions due to the damping and due to geometrically incom-
plete similitude affects the accuracy of scaled vibration responses. A vibrating rectangular plate is used as a
representative example. A frequency response analysis is carried out for each rectangular plate using a scanning
laser DOPPLER vibrometer (SLDV), and the loss factors are obtained from frequency response function mea-
surements. The vibration responses of an original rectangular plate are transferred to several scaled rectangular
plates using scaling laws, which are derived from numerical calculations using the method proposed in [2, 3].
The similitude of the rectangular plates is assessed by several measures that describe how well the transferred
vibration responses agree with the measured ones.
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2 FUNDAMENTALS
This section introduces the scaling laws that are used to transfer (hereafter referred to as to replicate) the
vibration responses of the original rectangular plate to the scaled rectangular plates. The measures that are used
to assess the similitude are introduced as well.

2.1 Scaling laws of vibrating rectangular plates
The scaling laws are derived provided that the rectangular plates are in complete similitude. In a next step,
the scaling laws are enhanced towards geometrically incomplete similitude. In order to clearly identify the
rectangular plates, the following notation is used:

• parent: original rectangular plate with known vibration responses. These vibration responses are used to
replicate the vibration responses of the scaled rectangular plates.

• replica: scaled rectangular plate in complete similitude. Its vibration responses are estimated using scaling
laws.

• avatar: scaled rectangular plate in incomplete similitude. Its vibration responses are estimated using scal-
ing laws.

The scaling laws are derived for the rectangular plates’ mean squared transfer admittance (MSTA), which is
defined as

Sh2
T( f ) = S

ṽ2( f )
F̃2( f )

. (1)

S, ṽ2( f ), and F̃2( f ) denote the vibrating surface area, the surface-averaged squared RMS1 vibration velocity,
and the squared RMS excitation force, respectively. f denotes the frequency. It is assumed that the rectangular
plates are scaled in their geometrical dimensions, i.e., length a, width b, and thickness t. Next, the scaling
factors

φa =
a(r)

a(p)
= φb =

b(r)

b(p)
= φl and φt =

t(r)

t(p)
(2)

for length, width, and thickness are introduced, respectively. The superscript (p) denotes the parent and the
superscript (r) a replica. Complete similitude conditions require φa and φb to be equal. Applying the scaling
method from [2, 3] yields

Sh2(r)
T ( f (r))

Sh2(p)
T ( f (p))

= φSh = φ
2
l φ
−4
t (3)

for the MSTA, where the frequencies are scaled by

f (r)

f (p)
= φ f = φ

−2
l φ

1
t . (4)

In order to enhance the scaling laws to geometrically incomplete similitude, the scaling factor φl in Eqs. (3)
and (4) is substituted by

φl =
1
2
(φa +φb) . (5)

Thus, the vibration responses of avatars in geometrically incomplete similitude are obtained from another replica
that is as close as possible to the avatar [5].

1RMS: root mean square
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2.2 Similitude measures
Three measures are introduced that are used to asses how well the replicated MSTA matches the measured
MSTA of replicas (and avatars):

• the HAUSDORFF distance [8], which is used in [9] to assess the similitude of vibrating rectangular plates,

• the MAHALANOBIS distance [10], which is introduced in [3] to assess the similitude of vibrating rectan-
gular plates, and

• the frequency response function similarity metric (FRFSM), which is introduced by LEE [11].

The HAUSDORFF distance of two (arbitrary) frequency response functions A = {a1,a2, . . . ,aN} and
B = {b1,b2, . . . ,bM} is defined as

dH = max
(
d′H (A,B) ,d′H (B,A)

)
, (6)

where d′H (A,B) and d′H (B,A) are the unidirectional HAUSDORFF distances

d′H (A,B) = max
aε A

min
bε B
‖a−b‖2 and d′H (B,A) = max

bε B
min
aε A
‖a−b‖2 , (7)

of these frequency response functions. ‖·‖2 denotes the EUCLIDEAN norm [8]. The HAUSDORFF distance can
be seen as the maximum distance of minimum distances between the two frequency response functions, thus,
describing the maximum mismatch between A and B [8].

The MAHALANOBIS distance is similar to a EUCLIDEAN distance that is weighted by the inverse of the covari-
ance matrix Σ

−1. Taking again (arbitrary) frequency response functions A and B, the MAHALANOBIS distance
yields

dM (A,B) =
√

(A−B)T
Σ
−1 (A−B). (8)

Due to the inverse of the covariance matrix Σ
−1, the MAHALANOBIS distance is weighted by the amount of

correlation between A and B. In this paper, the mean MAHALANOBIS distance

dM =
1

2N

N

∑
i=1

dM (A,B)+
1

2M

M

∑
i=1

dM (B,A) (9)

is used, which is the mean of the bidirectionally calculated MAHALANOBIS distances dM (A,B) and dM (B,A).

A zero HAUSDORFF distance or mean MAHALANOBIS distance indicates a perfect agreement, while small dis-
tances indicate a high degree of agreement. Higher distances indicate deviations between the measured and the
replicated MSTA. However, absolute values for small and high distances depend on the investigated structures.
Thus, the distances only describe the relative degree of agreement of several replicas (or avatars) to each other.

In contrast, the FRFSM measures the degree of agreement on an absolute scale between 0 (no agreement) and
1 (perfect agreement). LEE [11] shows that the FRFSM correlates with the subjective judgment of experts, who
rated the degree of agreement of frequency response functions obtained from vibration measurements of passen-
ger cars. In this paper, it is investigated whether the FRFSM can be used to assess the degree of agreement of
the replicated MSTA and the measured MSTA as well.

3 EXPERIMENTAL SETUP
Table 1 lists the geometrical dimensions of the rectangular plates that are subject to the experimental inves-
tigations of this paper. All plates are manufactured three times and are made from aluminum. The material
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properties have been measured for each plate using the method in [7]. The averaged material properties are:
YOUNG’S modulus E = 70.59 · 109 N m−2, POISSON’S ratio µ = 0.33, and mass density ρ = 2676 kg m−3. A
simply supported boundary condition of the rectangular plates is obtained by bonding blades with 0.5 mm thick-
ness to the plates’ edges. The blades are clamped to brackets, which are mounted on the test stand. Further
details on the design of the simple supported boundary conditions can be found in [4, 6].

Table 1. geometrical dimensions and scaling factors of the rectangular plates; ∗): calculated according to Eq. (5)

plate a b h φa φb φh φl

p parent 870 mm 620 mm 5.0 mm 1.0 1.0 1.0 1.0
r1 replica 435 mm 310 mm 5.0 mm 0.5 0.5 1.0 0.5
r2 replica 435 mm 310 mm 2.5 mm 0.5 0.5 0.5 0.5
a1 avatar 375 mm 310 mm 5.0 mm 0.43 0.5 1.0 0.466∗)

a2 avatar 375 mm 310 mm 2.5 mm 0.43 0.5 0.5 0.466∗)

The vibration velocities are obtained from SLDV measurements in the frequency range of 0 . . .5 kHz for one
plate of each size as described in [4], and the MSTA is calculated from Eq. (1). The loss factors are measured
for all three plates of each size in order to assess the similitude of the damping. Each rectangular plate is
excited by an impact and the time-decaying vibrations are measured by an accelerometer. The loss factors of
each rectangular plate are obtained at 30 peaks in the vibration spectrum using the 3 dB bandwidth. Further
details on the measurement procedure can be found in [3]. The loss factor measurements are performed at
three different states: (1) rectangular plates with free boundary conditions, (2) rectangular plates with blades
bonded to the edges and free boundary conditions, and (3) rectangular plates with simply supported boundary
conditions. This allows for determining the effect of the boundary conditions on the loss factor. In order to
analyze the significance of the similitude of the loss factors, an analysis of variance (ANOVA) is performed.
Besides the significance of the boundary conditions, the significance of the plates’ sizes is analyzed within the
ANOVA as well.

4 RESULTS
First, the replicated MSTA is analyzed for all replicas and avatars and the accuracy of the replicated MSTA
is qualitatively assessed by a subjective judgment. Second, the results of the loss factor measurements are
discussed. Third, the measures defined in Section 2.2 are calculated and the results are discussed.

4.1 Replicating the MSTA
Figure 1 shows the replicated and measured MSTA of the replicas r1 and r2. The replicated MSTA levels agree
sufficiently well with the measured ones up to a frequency of approximately 1 kHz. Above 1 kHz, the frequen-
cies with locally increased MSTA levels (peaks) are still accurately replicated, but the replicated MSTA levels
themselves tend to be higher than the measured MSTA levels. Since the replicas r1 and r2 are in geometrically
complete similitude to the parent, the deviation above 1 kHz is rather caused by an incomplete similitude of the
damping than by a geometrically incomplete similitude.

Figure 2 shows the replicated and measured MSTA of the avatars. The MSTA levels agree well at some
frequencies, e.g., at approximately 0.9 kHz for avatar a1 or at approximately 0.3 kHz for avatar a2. Due to
geometrically incomplete similitude conditions, the vibration behavior of the avatars differs from that of the
replicas and, thus, from that of the parent. For example, the replicated MSTA levels of avatar a1 show three
peaks between 1.5 kHz and 2.0 kHz that are not shown by the measured MSTA levels.
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Figure 1. MSTA levels (re 6.25 · 10−6 m4 N−2 s−2) versus frequency of the replicas r1 (top) and r2 (bottom),
frequency axis applies to both plots, figure obtained from [3]
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Figure 2. MSTA levels (re 6.25 · 10−6 m4 N−2 s−2) versus frequency of the avatars a1 (top) and a2 (bottom)

The previous analyses of the agreement of the measured and replicated MSTA levels is obtained from visually
inspecting Figures 1 and 2, which is a subjective judgment made by the authors of this paper. Other individ-
uals may obtain a different view when analyzing the figures. As a consequence, more objective measures are
necessary to assess the agreement between the replicated MSTA and the measured MSTA. Section 4.3 proposes
such measures. These measures are analyzed in order to fund out whether they match the subjective judgment
of Figures 1 and 2 presented in this section.
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4.2 Similitude of the loss factor
The results of the ANOVA are presented as box plots. A detailed analysis can be found in [3]. In this paper,
only the main findings are presented. The loss factors are found to be log-normally distributed, which requires
the logarithmized loss factors to be used within the ANOVA. It is found that the loss factor significantly in-
creases on a 95% confidence level if the blades are bonded to the plates’ edges, which can be seen by the fact
that the notches of the boxplot are not overlapping, see Figure 3. The simply supported boundary condition
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Figure 3. box plot of the logarithmized loss factors subdivided by plates’ boundary conditions

yields not only another significant increase of the loss factor on a 95% confidence level, but also causes the
variance to increase, which is illustrated by the box’ size. As a consequence, the similitude of the loss fac-
tors depends on the boundary conditions. Particularly, the simply supported boundary conditions increase the
variance of the loss factors, which may lead to an incomplete similitude of the damping and, thus, limits the
application of scaling laws in practice. It is shown in [4] that the MSTA levels of rectangular plates in geomet-
rically complete similitude can be replicated sufficiently well if the loss factor is in complete similitude.

Figure 4 shows the box plot of the logarithmized loss factors subdivided by the different plates’ sizes. The
loss factors significantly differ on a 95% confidence level, while the variance is approximately equal. Thus,
the loss factors depend on the plates’ sizes as well. Note that this effect is independent from the effect of
the boundary conditions, which has previously been described. As a consequence, an incomplete similitude
of the loss factors leads to incomplete similitude conditions – even for the rectangular plates in geometrically
complete similitude. Thus, the application of scaling laws is limited in practice and incomplete similitude causes
the replicated MSTA levels to differ from the measured ones as can be seen in Figures 1 and 2. In order to
find the limits of the application of scaling laws, it is necessary to assess the agreement of the measured and
the replicated MSTA, which requires appropriate measures. Such measures are analyzed in Section 4.3.
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Figure 4. box plot of the logarithmized loss factors subdivided by plates’ sizes
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4.3 Assessing the similitude
The results in Section 4 show that

1. analyzing the agreement between replicated MSTA and measured MSTA is somewhat subjective, and

2. limitations of the application of scaling laws arise from the fact that complete similitude conditions are
hardly fulfilled in practice.

However, both findings lead to the fact that the degree of agreement between replicated MSTA and measured
MSTA needs to be assessed. Therefore, dH, dM, and the FRFSM are calculated using the measured and the
replicated MSTA of each replica and avatar. As discussed in Section 4.1, the MSTA of the replicas r1 and r2
subjectively agree well below 1 kHz. Thus, dH, dM, and the FRFSM are not only calculated over the entire
frequency range 0 . . .5 kHz, but also for 0 . . .1 kHz and > 1 . . .5 kHz.

Table 2 shows the results. Considering the entire frequency range the mean MAHALANOBIS distance dM and
the FRFSM match the subjective judgment by the authors for the replicas, since the mean MAHALANOBIS
distance dM (the FRFSM) of replica r1 is higher (lower) than that of replica r2. Based on the subjective
judgment it has been concluded that the replicated MSTA agrees well with the measured MSTA below 1 kHz
for the replicas r1 and r2 (see Section 4.1), while the MSTA agrees to a lesser extent above 1 kHz. The
HAUSDORFF distance and the FRFSM reflect this subjective judgment, since the HAUSDORFF distances and the
FRFSM in the frequency range 0 . . .1 kHz of the replicas r1 and r2 are smaller than those in the frequency
range > 1 . . .5 kHz. In case of the avatars, the HAUSDORFF distance, the mean MAHALANOBIS distance, and
the FRFSM do not generally show that the MSTA agrees to a lesser extent than the MSTA of the replicas.
For example, the mean MAHALANOBIS distance equals 4.36 ·10−3 m4 N−2 s−2 and 0.44 ·10−3 m4 N−2 s−2 in the
frequency range 0 . . .5 kHz for the replica r2 and the avatar a2, respectively, which indicates that the replicated
and measured MSTA agree well for avatar a2, while they (somewhat) deviate for replica r2. However, the
subjective judgment (see Section 4.1) yields a different result.

Table 2. measures to assess the degree of agreement of the MSTA, dH and dM are given in m4 N−2 s−2, while
FRFSM is dimensionless

0 . . .5 kHz 0 . . .1 kHz > 1 . . .5 kHz
plate dH dM FRFSM dH dM FRFSM dH dM FRFSM

r1 0.15 ·10−3 11.91 ·10−3 0.18 0.06 ·10−3 10.50 ·10−3 0.54 0.15 ·10−3 18.72 ·10−3 0.11
r2 6.60 ·10−3 4.36 ·10−3 0.32 10.34 ·10−3 238.16 ·10−3 0.43 1.16 ·10−3 138.52 ·10−3 0.30

a1 0.15 ·10−3 107.24 ·10−3 0.21 0.02 ·10−3 2.39 ·10−3 0.45 0.25 ·10−3 1661.40 ·10−3 0.16
a2 2.50 ·10−3 0.44 ·10−3 0.30 0.77 ·10−3 12.74 ·10−3 0.37 2.50 ·10−3 0.42 ·10−3 0.28

5 CONCLUSIONS
Scaling laws derived from numerical calculations are applied in order to replicate the measured MSTA of sim-
ply supported rectangular plates in geometrically complete and incomplete similitude. An ANOVA of the loss
factors shows that rectangular plates are not in complete similitude regarding the damping, which is caused by
the simply supported boundary conditions and by the plates’ sizes themselves. Both incomplete similitude due
to the damping and geometrically incomplete similitude cause the replicated MSTA to deviate from the mea-
sured MSTA.

The HAUSDORFF distance, the mean MAHALANOBIS distance, and the FRFSM are used to assess how well
the scaling laws replicate the measured MSTA. These measures match the subjective judgment of the agreement
of the replicated and measured MSTA in some cases, while they are contradictory to the subjective judgment
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in other cases. Further research will, thus, focus on developing an improved measure to determine the degree
of agreement. Such an improved measure should reliably turn the subjective judgment of individuals into an
objective figure. Thus, judging of the agreement of the MSTA (or frequency response functions in general) by
individuals needs to be understood in more detail.
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ABSTRACT 
By using a numerical model of a vibro-acoustic system in combination with a small set of measurements in a 
Kalman filter, it is possible to estimate the sound pressure at locations where no microphones are present. 
This can be achieved with increased accuracy as compared to using only the numerical model due to the 
inclusion of the expected process and measurement noise. This procedure is also known as virtual sensing. In 
this paper, a model-based virtual sensor is built for a complex, deep drawn structure that radiates sound into 
the free field. A finite element model is used that is extended with infinite elements to approximate the 
Sommerfeld radiation condition. Since the original model is too large to be used in a Kalman filter, it is 
reduced by a stable Krylov based model order reduction technique. The performance of this virtual sensor is 
tested in a semi-anechoic chamber, and additionally in several acoustical environments that do not conform 
to the Sommerfeld condition in order to validate whether the Kalman filter can handle the additional 
uncertainties. The obtained results show that the filter performs well, which means that the required modeling 
effort can be reduced significantly by assuming free-field conditions. 
 
Keywords: Kalman filter, Model order reduction, Finite elements 

1. INTRODUCTION 
To optimize production processes and reduce downtime of machines in modern factories, 

cyber-physical systems start playing a more important role (1). Cyber-physical systems are 
computational entities that interact both with each other and the physical system to which they are 
attached to through sensors. The exact shape of these systems can vary, depending on the available 
data and knowledge of the system under investigation. 

It is possible to create a physics based model when the equations of the underlying physics are 
known. An accurate physics-based model allows for a detailed physical analysis of the model, thus 
giving a high degree of physical insight in what is happening. Unfortunately, it is hard to construct an 
accurate physics based model due to geometrical complexities,  uncertainty on material properties and 
boundary conditions, lack of insight in what type of physics have to be modeled, etc. Thus, a high 
degree of modeling expertise is required (2).  

Also a purely data driven approach can be taken to construct the cyber-physical system. This 
approach does not require any knowledge about the physics of the system and thus leads to a reduced 
modeling effort. The disadvantages of this approach are that the results do not offer physical insight 
and that usually a large amount of data is required to train the system. Also, results are only obtained 
on the locations where the sensors are placed. In many dynamic systems of interest it is desired to place 
the sensors at non-intrusive locations, thus it would only be possible to measure the phenomena 
happing at intrusive locations indirectly. 

A third option is to utilize a hybrid approach that combines a reasonably accurate physics based 
model with a small amount of measurements. Specifically, they are combined in a Kalman filter, which 
is a state estimation algorithm that takes process noise (which represents the modeling error) and 
measurement noise (representing noise on the sensors) statistics into account to estimate the fiel d 
variables in the full domain (3), thus also at locations where it might be difficult to place sensors. Since 
the combination of only a small amount of measurements with the numerical modeling leads to  an 
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estimation of all the field variables, this approach is called virtual sensing.  
In this paper it is chosen to investigate the effectiveness of this virtual sensing approach for exterior 

vibro-acoustic problems. In the field of active noise control already several data-driven virtual sensing 
approaches have been investigated (4,5). Conventional active noise control algorithms try to reduce 
the sound pressure at a certain microphone location by destructive interference. However, in many 
instances it is impractical to place the microphone at the location where it is desired to lower the sound 
pressure level. For example, at the ears of a person. Therefore, virtual sensing is used to estimate the 
pressure at this location, usually by means of a-priori transfer function identification. Since these 
approaches are data-driven, they only work on the pre-measured locations and do not offer flexibility. 

An alternative is to use a numerical model that describes the physics. In (6) such an approach is 
considered for interior vibro-acoustic problems. They show that the combination of a Finite Element 
(FE) model with a small amount of measurements in a Kalman filter leads to accurate pressure 
estimates in the full cavity. To reduce the calculation complexity of the FE model, Model Order 
Reduction (MOR) is used to obtain compact models (7,8).  

To be able to simulate exterior vibro-acoustic models with the Finite Element Method (FEM) 
instead, the model has to adhere to the Sommerfeld radiation condition. In (9) it is explained how a 
combined FE model with conjugated Astley-Leis infinite elements (10,11) on the boundary leads to a 
model that approximately adheres to the Sommerfeld radiation condition and can be reduced in a stable 
manner by using Krylov based MOR techniques. We utilize this technique in this paper to build a 
virtual sensor scheme for exterior vibro-acoustics.  

The initial verification of the performance of the virtual sensor is done in an acoustic environment 
that closely represents the assumptions that are done in the numerical model (semi -anechoic 
conditions). From a modelling perspective this would be a convenient assumption, even when the 
environment is not strictly anechoic, since it does not require detailed modelling of the potentially 
complex acoustic environment, for example the modelling of the radiated sound from a structure in a 
factory. Therefore, the robustness of the Sommerfeld assumption on changing acoustic conditions is 
investigated by comparing the performance of the virtual sensor under correct assumptions 
(measurements in a semi-anechoic room) with incorrect assumptions (measurements in an off ice and 
in an entrance hall). 

2. System formulation 
The considered structure is an oil-pan, which is shown in Figure 1. The structure was produced by 

a deep-drawing process, leading to uncertainty on the final shape, the thickness and the material 
properties (12). The oil-pan is modeled with a structural FE model consisting of quadratic shell 
elements, that is divided into 12 patches, as is shown in Figure 1. Each of these patches has a separate 
Young’s modulus and thickness. Before this model is coupled to an acoustic mesh , a model updating 
procedure is run to update the Young’s modulus of the patches so that the structural frequency response 
functions at several locations match approximately until 500 Hz, see Figure 2. The final thicknesses 
and Young’s moduli are shown in Table 1. These values do not correspond to real physical values, 
since in the model updating step other uncertain parameters are not updated, such as geome trical 
deviations between the real geometry and the used numerical model.  

 
Figure 1 - Structure under investigation (left). Division into patches (right). 

 
An acoustic mesh finite element is added that consists of a half sphere (  m) with 
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conjugated Astley-Leis infinite elements of 10th order attached on the surface of the sphere to model 
the acoustic radiation to infinity. On the bottom surface a perfectly reflecting boundary condition is 
added. Both the structural and acoustic mesh have at least 6 elements per wavelength, leading to a 
model with a total of 71259 Degrees Of Freedom (DOFs). A small amount of proportional damping is 
added to the structure ( ) to make sure that the response as function of time decays 
to zero. The resulting system of equations can be written as follows: 

 
  (1) 
  (2) 
 
in which  are the mass, stiffness and damping matrices respectively that follow 
directly from the finite element model,  is the time dependent input,  is the 
output matrix with  outputs and is the vector of field variables to be solved for. 

 
Figure 2 – Structural FRFs before and after model updating. The location of the excitation point is indicated 

in Figure 4. 

Table 1 – Structural parameters after model updating. 

Patch 1 2 3 4 5 6 7 8 9 10 11 12 
Thickness 

(mm) 
1.7 1.5 1.7 1.4 1.5 1.5 1.5 1.4 1.3 1.3 1.3 1.4 

Young’s 
modulus 

(GPa) 

260 78 17 230 1023 249 85 340 219 379 147 350 

 

2.1 Model order reduction 
Since the system size resulting from FE discretization is far too large to be solved in (near-) 

realtime, MOR techniques are used to reduce the system size. The aim of the MOR scheme is to reduce 
the size to a size , while retaining the important dynamics. This is done by calculating a reduced 
basis  that projects the matrices on a subspace of the system matrices as follows: 

 
  (3) 
  (4) 
  (5) 

 
which leads to the following system of reduced equations: 

 
  (6) 
  (7) 
   

The reduced basis can be obtained in several ways. In this paper a Krylov based MOR technique is 
used to calculate . This method aims to approximate the transfer function of the system around a set 
of expansion points by an implicit moment matching procedure.  The moments are equivalent to the 
derivatives of the transfer function at the chosen expansion point.  This method works well for large 
sparse matrices, such as the matrices that result from FE models. Details about the used algorithm, the 
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second order Arnoldi procedure, can be found in Refs. (8,13). To retain stability under reduction, the 
strategy described in (6,9) is followed. The application of this procedure to the full order model leads 
to a ROM of 42 DOFs that is accurate until 600 Hz (meaning a relative error below 0.1% for all the 
considered frequencies), thus a very significant reduction. 

2.2 Conversion to first order form 
To implement the derived model in a Kalman filter (see Section 3), the system has to be rewritten to 

first order form. This is done by rewriting the system to an equivalent system that has twice the amount 
of DOFs. 
  (8) 

  (9) 

 
We will rewrite this using the following shorthand notation: 

 
  (10) 

   
in which the superscript  indicates that the matrices are defined in continuous time. To discretize 
these matrices several strategies can be used. In this paper it is chosen to use an exponential integration 
scheme which leads to the following system of equations (for a sampling rate ): 
 
  (11) 
  (12) 
   
with  
  (13) 

 
The current sample is indicated with subscript . Note that the exponential in Eq. (13) is a matrix 

exponential. While the matrix exponential is far too expensive to calculate for the full order model, the 
calculation can be easily done for the ROM.  

3. Kalman filter 
The virtual sensor works by using a state estimation algorithm. This algorithm has the aim to 

estimate the internal states, such as pressure, acceleration, displacement, etc., by using the derived 
numerical model in combination with a limited set of measurements to get an estimation that is better 
than the prediction of merely the numerical model. Since the used numerical model is linear, it is 
chosen to use a Kalman filter as state observer. The Kalman filter explicitly takes measurement and 
process (model) noise into account as follows: They are both assumed to have a Gaussian distribution 

 with a zero mean, leading to covariance matrices  and . The 
Kalman performs a two-step procedure. Firstly, a prediction step is done: 

 
Predicted state estimate:  (14) 
Predicted error covariance:  (15) 
   

In this step the estimate from the previous step is used to get an estimate of the current time step. 
The second step corrects this estimate by using the measurement : 

 
Innovation:  (16) 
Innovation covariance:  (17) 
Kalman gain:  (18) 
Updated state estimate:  (19) 
Updated error covariance:  (20) 
Measurement post-fit residual:  (21) 
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To make the Kalman filter stable, the system has to be fully detectable (14). Detectability of the 
system can be guaranteed by choosing the right sensors. Furthermore, the sensor locations for the best 
virtual sensor performance can be calculated by using this metric, as has been explained in detail in 
Refs. (15–17).  

4. Virtual sensing performance 

4.1 Performance under ideal acoustic conditions 

 
Figure 3 - Oil-pan setup in semi-anechoic room. 

 
Before the performance of the filter under non-ideal conditions is assessed, firstly the performance 

of the filter is evaluated under ideal conditions. The oil-pan was placed in a semi-anechoic room at the 
KU Leuven Sound and Vibration Lab, see Figure 3. Thus, the setting of the real test setup has the same 
boundary conditions as the numerical model described in Section 2. Six microphones were placed 
around the structure and act as measurements that are used by the Kalman filter (their locations appear 
in matrix ). Furthermore, 4 microphones are used as reference microphones. These microphones are 
not used in the filter, but are only used to assess the estimation performance of the  virtual sensor. The 
microphone locations are indicated in Figure 4. 

 
Figure 4 – Microphone and excitation locations (indicated with A1, A2). The microphones that are used in 

the Kalman filter are indicated in a bolt font. The other microphones only function as verification of the 

results. 

 
The structure is excited with a modal hammer and both the excitation force and acoustic response is 

used in the Kalman filter. A sample rate of  Hz is used throughout the experiment and a 
low-pass filter is applied on the signal with a cut-off frequency at 500 Hz, since in that frequency range 
the structural model gives reasonably accurate results.  The covariance of the model uncertainty is set 
to 3e-6 and the covariance of the measurement uncertainty is set to 4.2e-2, since these values lead to 
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the best performance. The results are shown in Figure 5, where the measured acoustic pressure signals 
at the reference microphones are compared to the estimated pressure signals . In the figure only 
microphone 6 and and 8 are shown due to space constraints in this paper, but a more in -depth analysis 
of a similar analysis can be found in (16). It can be observed that the virtual sensor performance is 
significantly better than the prediction from the numerical model alone, thus the virtual sensor can 
successfully estimate the pressure signal at locations where no microphone is placed.  Although not 
detailed in this paper, the same virtual sensing scheme could also be used for the estimation of other 
acoustic quantities, such as the particle velocity, the acoustic intensity and the acoustic power. Details 
can be found in Refs. (16,17). 

 
Figure 5 – Virtual sensor estimation under ideal conditions. 

 

4.2 Performance under non-ideal acoustic conditions 
To assess the robustness of the above procedure for other acoustic environments, which are only 

approximately behaving as a semi-infinite free field, the above experiment with the same sensor 
placement is repeated in two different acoustic environments, namely an office  (around 3x6x3 m 
(length, width, height)) and an entrance hall (around 10x20x10 m (length, width, height)) of a 
university building. The setup at these locations is shown in Figure 6. 

 

 
Figure 6 – Oil pan setup in office (left) and entrance hall (right). 

 
Both of the setups are placed on a table, instead of on the floor, which is modelled as a perfectly 

reflecting surface. The main assumption that is done here is that the Kalman filter is able to capture the 
uncertainties in the acoustic domain, due to the noise assumptions of the filter. The possibility of using 
the Kalman filter for these non-ideal environments would increase the potential applications for these 
filter, since it would allow for the estimation of the acoustic pressure in many situations (for example 
structures in large halls) that would otherwise need a complex acoustic model.  The results are shown in 
Figure 7. 
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Figure 7 – Virtual sensing performance under non-ideal conditions. 

 
 
It can be observed that the virtual sensor still manages to capture the global dynamic behavior, 

although the accuracy of the estimation is less than for the ideal case, which is expected. 
 

5. Conclusions 
In this paper it is shown how an exterior vibro-acoustic virtual sensor can be created by combining 

a numerical model with a small amount of microphone measurements. The numerical model consists 
of finite elements, combined with infinite elements to approximate the Sommerfeld radiation 
condition. To allow for (near-)real time virtual sensing, the numerical model is reduced in size with 
state-of-the-art model order reduction techniques. The measurements and the reduced numerical 
model are combined in a Kalman filter for acoustic pressure estimation in the full domain.  

The effectiveness of the proposed virtual sensor is shown with several experiments. Firstly, the 
geometry under investigation, which is an oil-pan-like structure, was placed in a semi-anechoic room. 
This is considered to be the best case scenario, since the acoustic boundary conditions of the numerical 
model correspond to the experimental setup. It is shown that the virtual sensor gives good 
correspondence between the estimated pressure and the measured pressure.  

Furthermore, the same setup was placed in two non-ideal acoustic scenarios that do not behave like 
semi-infinite free spaces, while the numerical model was kept the same, thus with the Sommerfeld 
assumption, to see if this additional model uncertainty can be captured with the noise assumption of 
the Kalman filter. It is shown that the virtual sensing performance for both scenarios is still acceptable, 
although the estimation quality is less than for the ideal case. Further research will be devoted to a 
more in-depth investigation of how this uncertainty can be captured, for example by utilizing a Kalman 
filter with colored process noise, instead of white noise, so that the performance of the filter can be 
improved when it is used in a non-ideal acoustic environment.    
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The Effect of the Weld Type on Ensemble Average in SEA 
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ABSTRACT 
Statistical energy analysis (SEA) predicts the average response of a population. This population consists of 
similar vibroacoustic structures subjected to white noise forces at high frequencies. However, usually in 
engineering applications, the SEA method is used to determine the response of a particular structure. It results 
from the  assumption, that in the case of complex structures the response of a single member from the 
population will not significantly differ from the average. The aim of the research was to check the above 
assumption on a simple structures. Six similar mechanical structures were tested. Each structure consisted of 
two plates welded together at right angles. The vibration (velocity) level reduction between the plates was 
determined. From the point of view of the SEA, each of the six L-shaped structures is represented by the same 
SEA system composed of two 2D subsystems connected by line junction. However, the resulting line 
junctions have been achieved by two different welding techniques. This detail is omitted during SEA 
calculations. Vibration reduction obtained on a single structure was compared with ensemble average 
covering the entire six-element sample. The influence of the weld type on transmission was considered. The 
obtained results were compared with the SEA prediction. 
 
Keywords: SEA, Transmission, Junctions 

1. INTRODUCTION 
The energy of the bending waves is directly related to the radiated acoustic power. Therefore, the 

ability to predict bending wave transmission in structures is an important aspect of noise and vibration 
control. Structures of great practical importance, which are the object of numerous studies, are steel 
constructions. Steel constructions commonly found in mechanical engineering often consist of welded 
plates. Hence there is a strong need to predict energy transmission in such systems.  

The Statistical Energy Analysis (SEA) is a popular tool for conducting vibroacoustic simulations in 
the high frequency range. The basic parameter used in SEA simulations is called Coupling Loss Factor 
(CLF), which describes subsystem losses resulting from energy flow to another subsystem. Welded 
joints are often approximated by line junctions for which there exists a theoretical CLF formula. The 
work will investigate the influence of the geometry of the applied welds on the transmission of bending 
waves. This effect is not included in the basic formula for the simple line connection and can be 
considered in the context of ensemble average. Using the SEA method, one obtain results averaged 
within similar structures (ensembles). This means, that SEA results are only approximations when they 
are associated with a specific structure (1). Six structures (SEA systems) were tested in the work. Each 
system consisted of two steel plates (subsystems) connected at right angles. There were the following 
differences between the systems:  

a) different arrangement of the plates during welding,  
b) different location of the weld.  

In the further part of the work it will be checked whether the introduced changes have a significant 
impact on the transmission of vibrations and whether all six systems can be assigned to one set called 
"structures similar to one another".  
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2. THEORY 

2.1 Coupling Loss Factor of Line Junctions 
The Coupling Loss Factor of line-coupled 2D subsystems is determined from (1):  
 

 (1) 

 
where  is wave group speed of subsystem 1,  is length of connection,  is angular frequency,  
is the surface area of the first subsystem,  is bending wave transmission coefficient averaged over 
the angle of incidence. As one can see, the CLF coefficient is directly proportional to the transmission 
coefficient. In the literature, one can find formulas for the transmission coefficient assuming rigid 
plate connection (3) and models allowing to take into account the finite stiffness and resistance of the 
joints (4, 5). The transmission coefficient was determined in the present study based on the model 
shown in (4). Mechanical parameters of the weld were also assumed as in (4): stiffness was set to 100 
GN/m and damping was set to 1.8 kNs/m.  

 

2.2 Statistical Energy Analysis of Two Coupled Plates 
The SEA method allows to determine the average mechanical energies of subsystems, , by 

solving a system of linear equations, where the column of free words are average input powers, and the 
main matrix is formed by DLF and CLF (2). In the case of two coupled plates, the SEA model comes 
down to the solution of the following system: 

 (2) 

 
where  is frequency in Hz,  and  are damping loss factors (DLF),  and  are coupling 
loss factors (CLF) computed as shown in 2.1. After solving the system of equations (2), the average 
square of vibration velocity of the subsystem with the mass  can be determined from the equation: 

 
. (3) 

 
Statistical Energy Analysis works best if modal overlap  is greater than unity (6): 
 

 (4) 
where  is asymptotic modal density: 
 

. (5) 
 

In equation (5)  is subsystem group speed,  is phase speed,  is the area of the plate. 
 
In addition, the subsystems should be weakly coupled. The coupling strength can be estimated 

based on the parameter : 
. (6) 

 
Coupling is assumed to be weak, if  condition holds. 
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3. MEASUREMENTS 

3.1 Tested Objects 
The research objects were six mechanical constructions. Each construction consisted of two steel 

plates welded at right angles. The structures during the measurements were freely suspended on the 
strings (two anchor points were placed on each plate). Each plate was assigned a number from 1 to 12, 
which was used to identify them. The mechanical and geometric parameters of the plates are 
summarized in Table 1. Internal losses of plates can be found in section 4.2.  

 
Table 1 – Parameters of plates 

Parameter Value 

Length, L 0.49 m 

Width, W 0.49 m 

Thickness, h 0.002 m 

Density,  7884 kg/m3 

Young Modulus, E 200 GPa 

Poisson Number,  0.3 

 

3.2 Types of Junctions 
The individual pairs of plates have been coupled together using one of two joints: Weld A and Weld 

B. Differences between welds are shown in Table 2. Welds were made using MAG (Metal Active Gas) 
technique. 

 
Table 2 – Types of tested welds 

Junction Pairs of plates Geometry Photo 

Weld A 12-1, 2-3, 4-5 

 

 

 

 

 

 

Weld B 6-7, 8-9, 10-11 
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3.3 Damping and Coupling Loss Factors 
The work concerns the transmission of bending waves, that is why the components of the velocity 

vector perpendicular to the plate are considered. Before merging of plates, measurements of internal 
losses ( , DLF) by the structural reverberation time were carried out: 
 

 (7) 
 
where  is structural reverberation time 

 
The plates were then joined and a further series of measurements was carried out. Mechanical 

power was injected at individual points selected on the plates using the vibration exciter. Each plate 
was excited in three randomly selected places. Then, for each excitation, the average mechanical 
velocity was determined on the source and receiver subsystem (on each plate the signal was picked up 
using accelerometers in six randomly selected places). Excitat ion of the plate in many places and 
averaging of individual responses approximates the "rain-on-the-roof" excitation, which is one of the 
assumptions of the SEA method. The energy ratios of the receiver and source plates have been 
determined. Additionally, TLF (Total Loss Factor) measurements were taken based on the structural 
reverberation time of the entire structure to determine CLF and DLF using the Energy Ratio Method 
(7). The system during measurements is shown in Figure 1.  
 

 
Figure 1 - Plate 2 excited at point 1. Response measured on Plate 2 at point 3 

 
In order to determine DLF ( , ) the system of equations was solved, where the main matrix 

consisted of the energy ratios  (receiver plate  to the source plate ), while the column of free 
words contained the measured TLF ( )  

 

. (7) 

 
Using the results from (7) the second system of equations was solved, allowing to determine the CLF 
coefficients (  

 

. (8) 
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4. RESULTS 

4.1 Comparison of Welds 
Figure 2 presents the averaged Velocity Level Difference  for welds A and B. Energy ratios from 

which the results can be determined are listed in table 3. 

 
Figure 2 - Measurement results for welds A and B 

 
In order to determine if there is a difference in energy transmission using welding A or B, the results of 
the measurements were divided into two groups. The first group (the representation of the population 
of plates with weld A) has been assigned six parameters determined from the relationship: 
 

 (9) 

 
Similarly, six parameters were assigned to the second group (representation of the plate population 
with weld B): 

 (10) 

 
where  – spatially averaged energy of the source system for joint X (sample i),  
– spatially averaged energy of the receiver system for joint X (sample i). The size of individual groups 
is 6, because for a given structure two energy ratios have been determined by exchanging the source 
and receiver plates. It is worth noting that definitions (9) and (10) have the energy of the receiving 
system in the denominator, that's why they are the inverse of parameters from the main matrix in 
equations (7) and (8). Then, the Welch's t-test at 0.05 significance level was conducted to check the 
following null hypothesis  The average mechanical energy ratio of the source and receiver plate is 
independent of the type of weld used. Table 3 shows the determined average energy ratios for each 
weld type, standard deviations  and test results.  
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Table 3 – Results of two-tailed Welch’s t-test 

 

 
    

 

 
    

100 1.60 (0.85)  1.02 (0.17)  1.63 2.51 1000 1.30 (0.23)  1.52 (0.36)  1.24 2.28 

125 1.09 (0.20)  1.08 (0.06)  0.13 2.46 1250 1.29 (0.25)  1.44 (0.69)  0.50 2.42 

160 1.01 (0.12)  1.29 (0.30)  2.13 2.40 1600 1.15 (0.17)  1.22 (0.13)  0.79 2.25 

200 1.08 (0.25)  0.97 (0.11)  0.98 2.38 2000 1.27 (0.15)  1.15 (0.11)  1.65 2.25 

250 1.13 (0.09)  1.07 (0.12)  0.94 2.25 2500 1.20 (0.20)  1.17 (0.27)  0.19 2.25 

315 0.99 (0.09)  0.95 (0.03)  1.08 2.42 3150 1.23 (0.19)  1.14 (0.16)  0.86 2.24 

400 1.04 (0.13)  1.19 (0.07)  2.38 2.32 4000 1.73 (0.66)  1.60 (0.16)  0.46 2.49 

500 1.17 (0.16)  1.18 (0.11)  0.11 2.26      

630 1.59 (0.20)  1.46 (0.34)  0.77 2.30      

800 1.20 (0.35)  1.28 (0.11)  0.55 2.44      
 
For each 1/3-octave band center frequency  (except for 400 Hz), the calculated statistic  is less 
than the critical statistics  at 0.05 significance level (two tailed test). Therefore, there is no reason 
to reject the null hypothesis. Only for the 400 Hz, the null hypothesis can be rejected. However, for 400 
Hz, the observed difference between  for welds A and B is only 0.6 dB and in practice, this 
difference can be neglected. 
 

4.2 CLF and DLF measurement 
The results averaged for all six structures will be considered in the further part of the work, because 

in point 4.1 no differences between welds A and B have been proven. Figure 3 shows the DLF 
determined on the disconnected plates, DLF determined by the ERM method (on joined plates), CLF 
determined by the ERM method and CLF determined from the theoretical formula (1). During 
measurement, few CLF values were negative for some measuring points. Such cases can occur when 
the SEA system assumptions are not met. Negative values have been omit ted in the course of the 
calculations because they are contradictory in the classic SEA approach.  

 
Figure 3 – Coupling Loss Factors and Damping Loss Factors 
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The DLF and CLF parameters determined by the ERM method were compared with each other 
using the relationship (6) to check the coupling strength. Additionally, a modal overlap was designated 
using (4). The smallest value of parameter  occurred for 4000 Hz and was equal to 1.74. The largest 
modal overlap value (0.04) occurred at 3150 Hz. Thus, it can be seen that in the whole considered 
frequency range, the tested plates do not meet the assumptions of SEA.  

A small value of the modal overlap parameter explains the occurrence of smaller measured  CLF 
values in relation to the theoretical ones. It also explains the results from point 4.3, where a higher 
value of  was observed in relation to the theory. In this situation, not all modes are excited evenly 
and only a few vibration modes are responsible for energy transmission, and the share of the other 
modes is insignificant (8). 

 

4.3 SEA Simulation 
Figure 4 shows the simulated (SEA) and measured (averaged for all structures) velocity level 

difference  between plates. The obtained results correspond to the differences observed between 
coupling loss factors from figure 3. The greater theoretical value of the CLF factor is reflected in the 
form of very small values of the simulated . The analysis of the chart in Figure 4 clearly shows that, 
from the point of view of the SEA, the division of the system in question into two subsystems is 
unfounded. This means that indicators such as modal overlap and fulfilled their role. 

 

 
Figure 4 – SEA simulation results vs averaged measurement results 
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5. CONCLUSIONS 
When we consider ensemble average, we may allow subsystems with different weld types to be 

included in averaging process, because there was no difference in vibration transmission when using 
different welds. Only for 400 Hz, a statistically significant difference was found between welds A and 
B. However, the difference in transmission for 400 Hz is small (0.6 dB) and in practical applications 
may be ignored.  

Differences between the DLF parameters determined by the ERM method (joined plates) and the 
reverberation time method (disconnected plates) were observed. Differences may result from the 
inaccuracy of the measurement methods and the influence of the joint on the overall system damping . 

The plates in the tested system were not weakly coupled and the modal overlap was less than one. 
Under such conditions, not all modes are excited evenly and only a few vibration modes are 
responsible for the energy transmission between subsystems (the contribution of the other modes is 
negligible). This phenomenon causes that the SEA method (which assumes the even excitation of all 
modes) predicts higher transmission (smaller velocity level difference, higher coupling loss factor) 
than the measurement results indicate. In such situations, other simulation methods like SmEdA (8) 
may provide better results. 
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ABSTRACT 
Due to their low mass and stiffening components like frames, stringers and panels, aircraft fuselage structures 
are prone to vibration. In order to improve acoustic comfort inside a cabin, specific vibration damping of such 
components would be helpful. Most common damping layouts make use of a viscoelastic material as the 
main source of vibration energy dissipation. Such material is placed at sensitive positions of a structure to 
absorb the energy of operational deflection shapes of concern. However, the material behavior of viscoelastic 
materials varies considerably with frequency and temperature and needs to be considered during the design 
process. In this paper, a finite element approach for local modelling of viscoelastic damping is presented. A 
viscoelastic material with frequency and temperature dependent properties is introduced as a dedicated 
damping material for aeronautic applications. Using the FE method, the consequences of temperature and 
frequency influence on the vibration damping capability of a Constrained Layer Damping treatment with the 
particular damping material are presented. 
 
Keywords: Viscoelasticity, Vibration Damping, Damping Layout 

1. INTRODUCTION 
In the construction of aeronautic structures, lightweight design is essential. Lightweight structures  

often feature discrete stiffeners as frames and stringers, typically characterized by having both, high 
stiffness and low mass. As a result of these characteristics, those structures are prone to vibration. In 
particular, an aircraft fuselage consists of such components, as illustrated in Figure 1. 

 
Figure 1 - Fuselage composition of Flight-LAB-demonstrator 

Vibrations introduced into the structure are transmitted as structure -borne noise and lead to an 
increased cabin interior noise due to sound radiation on the fuselage skin. The transmission of 
structure-borne sound at steady-state excitation, e.g. from turbulent boundary layer or engine induced 
vibration, can be reduced by increasing damping of the frames. Procedures for an  increase of the 
damping effectiveness include the deliberate generation of shear strain in viscoelastic materials.  A 
common application for vibration damping which utilizes this effect is the Constrained Layer 
                                                        
1 martin.groehlich@dlr.de 
2 marc.boeswald@dlr.de 
3 rene.winter@dlr.de 
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Damping treatment (CLD), where a viscoelastic layer is constrained between the stiffer base structure 
and a stiffer face layer. Since aircraft vibrations cover a wide range of different frequency and 
temperature ranges during operation, the damping material has to cope with the corresponding 
influences. Due to the dependence on frequency and temperature of viscoelastic material properties, 
the damping performance will also vary during operation. 

The main objective of this paper is to analyze the effect of frequency and temperature on the 
damping performance of a viscoelastic material under operating condition. First, the theoretical 
background of modelling viscoelastic material behavior with respect to frequency and temperature 
dependence is exemplified. Based on the one-dimensional material model, a transformation into a 
material model for solid mechanics is presented, allowing for compilation of hysteretic damping 
matrices for finite element (FE) analysis. Furthermore, a viscoelastic material is introduced and its 
damping capabilities are analyzed within a CLD treatment for different frequency and temperature 
levels. 

2. THEORETICAL BACKGROUND OF VISCOELASTIC MATERIAL MODELLING 
In this section, the basics of idealized viscoelastic material modelling are exemplified. The 

essential properties are presented and a formulation of the material behavior in frequency domain is 
provided. Additionally, the temperature dependence on the material behavior is implemented in the 
material model. By using the finite element method (FEM) it is shown, how viscoelastic material can 
be incorporated to physically model local viscoelastic damping and to establish a global damping 
matrix for the structure. 

2.1 Linear viscoelasticity in frequency domain 
In general, viscoelasticity denotes time dependent material behavior.  Under the assumption of a 

harmonic excitation, a viscoelastic material behavior can be described in terms of a complex modulus, 
which is a function of the excitation frequency . If constant temperature is assumed, the complex 
shear modulus  can be written as (1):  

 (1) 
The real part of the complex notation  is the storage modulus and denotes the elastic behavior of 

the material. In contrast to it, the imaginary part  is the loss modulus and denotes the viscous or 
dissipative properties. Both, the real and imaginary part can be expressed by using the parameters of a 
generalized Maxwell model, often referred to as Prony series. The composition and effects of a 
generalized Maxwell model are examined in (2-4). The storage modulus can be expressed in terms of 
the parameters of the generalized Maxwell element: 

 (2) 

where  is the instantaneous shear modulus at infinitely high frequency,  the relaxation time 
and  the so called relative modulus (5). The equation of the loss modulus is formulated as (5): 

 (3) 

The ratio of the loss modulus and storage modulus defines the loss factor : 

(4) 

Concerning damping layout, the loss factor is the most important parameter as it quantifies the 
energy dissipation capability of a material. It is also known as the  resulting from dynamic 
mechanical analysis (DMA). 

2.2 Temperature dependence on viscoelastic material properties 
The temperature dependence on material properties are taken into account by different shift factors. 

Various approaches can be found in the literature regarding the shift factor calculation, e.g. in  (6). 
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However, it should be taken into account, that the selection of the approach for the shift factor 
calculation highly depends on the given material and considered temperature region. In the scope of 
this paper, the Williams-Landel-Ferry (WLF) as well as the Arrhenius approach are used and briefly 
presented in the following. For analyzing the material properties' dependence on the temperature, two 
shifts have to be considered (7):  

 
 Horizontal shift along the frequency axis due to thermal activated rearrangements and 

higher reaction rate on a molecular level 
 Vertical shift along the material property axis due to changes in the type and amount of 

molecular processes 
 

The frequency shift is defined by a horizontal shift factor , resulting from the empirical WLF 
equation with experimentally determined constants  and  relating to a reference temperature  
(7): 

(5) 

The determination of the constants C1 and C2 is based on the evaluation of master curves. Master 
curves are curve progressions created by merging the measurement data from frequency dependent 
material characterization at different temperatures.   

For the description of the vertical shift, the Arrhenius approach is used. The relation between the 
experimentally determined activation energy  concerning a temperature shift yields the vertical 
shift factor  (7): 

(6) 

The parameter  is the universal gas constant. Considering a reference state , 
the corresponding shifted state  at an arbitrary temperature  can be determined. 
If the vertical shift factors for storage and loss modulus are unequal, the shift is calculated by 
Equations (7) and (8): 

(7) 

(8) 

A typical temperature shift of the storage modulus, loss modulus (a) and loss factor (b) of a virtual 
viscoelastic material, modelled with a generalized Maxwell model, is presented in Figure 2. Therefore, 
the vertical shift factors for storage and loss modulus are assumed to be equal.  

 
(a) 

 
(b) 

Figure 2 – Complex modulus (a) and loss factor (b) during a temperature shift 
It can be seen in both diagrams that the characteristic evolution of the respective property stays 

almost the same, but it appears shifted in horizontal and in case of Figure 2(a) also in vertical direction 
if the temperature changes. In Figure 2(b) the horizontal shift can be clearly observed, since the 
maximum of the loss factor from the reference state  appears on the same level at higher frequency 
for a different temperature ( ). An additional vertical shift for the loss factor would have appeared, if 
the vertical shift factors of storage and loss modulus had been the same.  
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2.3 Implementation of viscoelasticity into the finite element method 
In order to incorporate viscoelastic material properties into the finite element method, a 

transformation from the one-dimensional material model into a three-dimensional model is mandatory. 
Assuming isotropy as an additional material property, the transformation is carried out by Hooke's law.  
The relationship between stresses  and strains  is determined by an elasticity matrix  (8):  

(9) 

The stress and strain vectors include their corresponding spatial normal parts  and , as well as 
the spatial shear parts  and . Furthermore, the Young's modulus  and the shear modulus  are 
both related to the Poisson's ratio  (8): 

(10) 
At this point it should be noted, that the elasticity matrix consists of complex entries, as far as 

viscoelasticity is concerned. In this case, the elasticity matrix  can be separated into a real and 
imaginary part, representing storage and loss behavior, or respectively elasticity and hysteretic 
damping: 

(11) 
Based on the equivalence of virtual work of external loads with the virtual work of internal stress 

and strain, a complex element stiffness matrix  for a finite element can be defined according to the 
finite element method: 

(12) 

 denotes the differential operator matrix, whereas  conforms to the matrix of element shape 
functions. Considering the complex notation of Equation (11), the real part of Equation (12) yields a 
element stiffness matrix , whereas the imaginary part yields a hysteretic element damping matrix 

: 

(13) 

(14) 

These element matrices can be used to assemble global system matrices. For example, by using the 
Boolean matrices , elements  with viscoelastic material are sorted into global stiffness and 
hysteretic damping matrices of the whole structure: 

(15) 

(16) 

The sum of the global stiffness and global hysteretic damping matrix forms a global complex 
stiffness matrix: 

(17) 
Following this procedure, it is possible to integrate finite elements with frequency and temperature 

dependent viscoelastic material to represent local dampers in arbitrary structures. 
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3. INFLUENCE OF FREQUENCY AND TEMPERATURE ON DAMPING 
In the following, the influence of frequency and temperature on the damping capability of a 

viscoelastically damped beam is examined by means of a numerical example.  

3.1 Simulation setup 
The subject of the analysis is a free-free vibrating, rectangular aluminum beam. According to a 

CLD treatment a viscoelastic core layer and an aluminum face sheet are applied on the beam, in order 
to damp occurring vibrations. The corresponding geometric dimensions are shown in Figure 3. 

  

Figure 3 - Geometrical setup of the CLD treatment 
The material properties of aluminum are assumed to be isotropic and constant, with a Young's 

modulus of  Pa and a Poisson's ratio of . Furthermore, the density is 
 kg/m³ and the structural damping coefficient is chosen to be . For the core 

layer, the material properties of a particular viscoelastic material are applied. The material is a 
dedicated mixture of bromobutyl rubber for aeronautic applications as vibration dampers, developed 
in cooperation with the German Institute of Rubber Technology (Deutsches Institut für 
Kautschuktechnologie e.V.). The material properties are significantly frequency and temperature 
dependent and can be characterized by twelve parameter sets of the generalized Maxwell model, as 
well as by WLF and Arrhenius shifts. In Figure 4, the contour curves of the shear storage modulus and 
loss factor of bromobutyl rubber are presented. 

 
(a) 

 
(b) 

Figure 4 – Shear storage modulus (a) and loss factor (b) of bromobutyl rubber 
 
For the storage modulus a considerable decrease can be detected with increasing temperature - the 

material becomes more flexible. In addition, the material behaves stiffer for higher frequencies in 
isothermal consideration. In comparison, the contour curves of the loss factor are completely different. 
The area of maximum values extends slightly diagonally from low temperature ( -40 °C) and low 
frequency (1 Hz) to higher frequencies at higher temperatures (1000 Hz at 0 °C). Outside this range, 
the loss factor drops considerably. 

For the simulation, commercial FEM software Ansys 18 is used. The structure is discretized by 
PLANE182 elements, since this type of elements can map frequency- and temperature-dependent 
behavior. Because modal analysis with frequency- and temperature-dependent material properties 
cannot be carried out in the current software version, the beam is examined by means of a harmonic 
response analysis. Therefore, the beam is excited by a harmonic force with constant amplitude at a free 
end in vertical direction and the resulting frequency response functions (FRF's) are calculated for the 
excitation point. Edge effects due to thermal expansion are not taken into account in the analysis.  

4277



 

 

3.2 Damping performance of CLD treatment 
The system described in the previous chapter is examined at five temperature levels. Using the 

peak-fit method (9), the modal parameters of the first three bending modes are identified from the 
resulting FRF's. The identified damping ratios are shown in Figure 5. For comparison purpose, the 
values given for the eigenfrequencies  correspond to the mean values of the respective mode from 
all temperature levels. However, the influence on the eigenfrequencies is not considered in the 
following. The dashed line in the diagram indicates the damping value of the undamped beam.  

 
Figure 5 - Impact of frequency and temperature on damping capabilities of the CLD treatment 

For the first and second mode, the order of damping ratios is identical. The highest damping ratios 
occur at a temperature of 30 °C. The second highest values appear at 0 °C, while the lowest damping 
ratios are recorded at lowest temperatures of -50 °C and -20 °C. However, the order of damping ratios 
changes for the third mode. In opposite to the first two modes, the damping value for 0 °C is highest at 
this point. In order to get a better understanding of the presented results , the contour curves of Figure 
4 are plotted from top view in Figure 6. The horizontal lines indicate the particular eigenfrequencies, 
the vertical ones are isothermal lines.  

 
(a) 

 
(b) 

Figure 6 – Top view on the contour curves of the shear storage modulus (a) and loss factor (b) 
When considering the loss factor of the first mode in Figure 6(b), it is noticeable that the maximum 

damping ratio does not occur at the same temperature as the maximum loss factor of bromobutyl 
rubber. This also applies to other modes: Although the loss factor values for a temperature of -20 °C 
are above the values for 30 °C for all modes, the resulting damping ratio is always lower. From this fact 
it can be concluded that the loss factor is not the only decisive factor for damping, but also the stiffness 
of the material, represented by the shear storage modulus, is essential. Concerning that assumption, it 
is striking that the storage modulus is also lower for 30 °C than for -20 °C at all modes, as 
demonstrated in Figure 6(a). From that point it could be erroneously concluded, that low stiffness is 
appropriated in order to obtain high damping ratios. 

The reason of the above mentioned behavior is founded in the prevailing damping mechanism. For 
CLD treatments, the damping mechanism is based on energy dissipation due to shear deformation. A 
quantity of the real potential energy  of elastic deformation is given by (10), regarding to a 
displacement vector : 
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(18) 

If viscoelasticity is applied, the stiffness matrix becomes complex, as demonstrated in section 2.3. 
In a harmonic state of oscillation, excited by a force vector , the displacement vector becomes 
complex as well: 

(19) 
Here,  denotes the system mass matrix of the structure. Inserting Equation (19) into Equation 

(18) with a complex stiffness matrix  yields a scalar value of the complex energy : 

(20) 

The real part of the potential energy is required for the calculation of the modal loss factor , an 
indicator of the damping capability of a vibrating system (11): 

(21) 

 is the loss factor and  the modal strain energy of layer  at mode , while  
denotes the total modal strain energy of the whole system at mode . First, an essential perception can 
be derived from Equation (20), in which the complex stiffness matrix occurs in both an inverse and in 
an original form: Low stiffness leads to high energy dissipation due to high displacement. On the other 
hand, low stiffness of the viscoelastic layer causes a reduction of the modal loss factor, since the total 
energy in the denominator of Equation (21) increases. From that fact it can be derived, that an optimal 
composition of the stiffness matrix exists for each excitation frequency and temperature, which 
maximizes the dissipative energy and as a consequence, maximizes the damping ratio.  

Relating to the above mentioned phenomena, the loss factor of -20 °C is considerably higher than 
for 30 °C, but it does not yield any advantage due to less shear deformation as a consequence of 
increased stiffness. In the case of the third mode, the combination of loss factor and shear storage 
modulus is more effective for 0 °C than for 30 °C. 

3.3 Procedures for stiffness matrix modification 
In order to maximize the damping performance, an optimal combination of stiffness matrix and 

material loss factor has to be found. The evolution of the material characteristics is given for a range of 
operating frequency and temperature. As shown in section 2.3, the stiffness matrix is determined from 
element shape functions and from the elasticity matrix. With given material, these cannot be used as 
design variables. However, the geometry of the finite elements provides another possibility to tailor 
the complex stiffness matrix for maximum damping. A geometry modification of a structure always 
involves a modification of the stiffness matrix. The thickness or the width of the viscoelastic layer is a 
possible design variable for the adjustment of the complex stiffness matrix. Of course, it is possible to 
use the spatial position of a local CLD treatment as a design variable. However, in this example, the 
CLD layer is modelled continuously so that this parameter cannot be used. 

 

 
Figure 7 - Impact of frequency and temperature on damping capabilities of the cut CLD treatment 

With the intention to create higher shear strain in the viscoelastic core layer, Lepoittevin et al. 
inserted small cuts into the core and face layer and examined the effects on damping (11). By this 
procedure, the stiffness matrix of the whole structure is modified. Hence, this approach is adopted here 
and applied on the beam from section 3.1 in the following. According to a rule of thumb (11), cuts at 
positions of maximum bending moment are most noticeable on damping. For this reason, the core and 
face layers are cut at position x=500 mm for the first mode, at positions x=310 mm and x=690 mm for 
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the second mode and at positions x=220 mm, x=500 mm and x=780 mm for the third mode with a g ap 
of 1 mm each. The resulting damping ratios are shown in Figure 7. 

First of all it is noticeable that the eigenfrequencies are lower than in the case of the continuous 
CLD treatment. This fact already indicates an overall stiffness decrement.  However, the change of the 
eigenfrequencies is small compared to the conventional CLD treatment that it has a negligible 
influence on the material parameters of bromobutyl rubber.  Furthermore, the maximum damping ratios 
occur in a different order compared to Figure 5. For all modes, the damping ratios for 0 °C are highest, 
followed by those of -20 °C and 30 °C. For lower temperatures, the cuts seem to have a positive effect, 
since an increase in the damping values can be observed.  This confirms the assumption of inadequate 
stiffness in the case of continuous CLD treatment. In contrast, the effect of cuts is negative at higher 
temperatures. While the damping ratios are still at the same level as for the continuous CLD treatment 
for 30 °C and 60 °C at the first mode, the damping ratios even decrease for higher modes.   

The instance of disadvantageous stiffness modification has to be considered during the design 
process as well. Otherwise, a mass increase due to damping material thickening, could even lead to the 
opposite of the pursued objective - a reduction of damping due to improper stiffness. 

4. CONCLUSIONS 
In this paper, the modelling of viscoelastic material in frequency domain by a generalized Maxwell 

model has been presented. By using Williams-Landel-Ferry and Arrhenius approaches, it was shown 
how the temperature dependence on the essential damping properties, storage modulus and loss factor, 
can be incorporated in the material model. Additionally, by using Hooke's law, the one-dimensional 
material model can be transformed into a multi-dimensional one. Due to the complex elasticity matrix, 
a complex stiffness matrix can be generated for FEM applications in which the imaginary part 
corresponds to a hysteretic damping matrix. As an example, the frequency and temperature dependent 
material behavior of a bromobutyl rubber mixture has been introduced and its effects on the damping 
performance of a CLD treatment have been analyzed for different frequency and temperature levels. 
On the one hand it has been shown that both frequency and temperature have a significant influence on 
the damping performance. On the other hand it has been demonstrated that a high loss factor does not 
necessarily lead to high damping ratios of a vibrating system, but especially the stiffness in terms of 
the storage modulus has to be considered. Only an appropriate combination of a high loss factor and a 
certain stiffness leads to maximum damping ratios.  
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Abstract
In daily life, many activities expose us to hand-arm vibrations (HAV). The characteristics, such as frequency
components or level, of these vibrations vary substantially. At high levels some can cause changes to the hand-
arm system, which are grouped under the term hand-arm vibration syndrome (HAVS). Hence, there are multiple
standards on the subject of measuring, evaluating and simulating HAV. In these, many cases are covered with
specific instructions, but not all. This leaves leeway in measurements. Additionally, previous studies have
shown largely varying results, some even on the same device. The assessment of the risks for the hand-arm
system depends both on accurate measurements and knowledge of the influences here-on. The leeway left in
the specifications in the standards may be at least part of the origin of the variance in the measured results. In
a measurement and comparison of previous studies, influencing factors are to be determined. The goal is an
appraisal of the extent of their effect.
Keywords: Hand-Arm Vibration, Shock, Measurement

1 INTRODUCTION
Many studies have been concerned with the measurement and simulation of hand-transmitted vibration. Several
factors influence the measured results of the hand-arm vibration (HAV) and their transmission to the hand-arm
system (HAS). The current international standards [[1], [2], [3], [4]] seem to leave leeway in their specifications
for the measurement and the evaluation of the measured signal. Results in the literature on measurements of
HAV often show a standard deviation of up to almost 50% of the mean value of the HAV [6].
Hence, this study applied the international standards and took the current state of research into account in
order to evaluate the vibration of an impulsive vibrating tool. Furthermore, the intend is to analyze influencing
parameters in measuring impulsive HAV.

2 STATE OF THE ART
In this study, the standards ISO 5349, ISO 15694 and ISO 8662-11 are being considered, as well as previous
research on measuring hand-arm vibrations.

2.1 Standards
There are several standards regarding the measurement and evaluation of hand-arm vibrations. ISO 5349 [[1],
[2]] contains a standardized measurement procedure for tool vibrations as well as instructions on their evalua-
tion. It is split in two parts, the instructions and the frequency weighting Wh for the measured vibration, a total
vibration value and a brief risk evaluation of this value are in the first part. The second one deals with the
practical appliance of these. In part one, it requests the following things to be listed when evaluating hand-arm
vibrations: name of the subject exposed to vibration; the tools that cause exposure to vibration; power tools,
used tools or workpieces; location and orientation of the accelerometer; mean values of vibration in one direc-
tion; total vibration value for each tool; daily duration of operation for each tool; daily vibration exposure.
Many of these are values calculated from the measured acceleration a(t). Then is this bandpass filtered and fre-
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Figure 1. Wh bandpass and frequency weighting filter curves, adapted from Zechmann [5], with the cut off
frequencies fWh,lowpass = 6.31 Hz and fWh,highpass = 1258.9 Hz

quency weighted, these filters have been plotted using MATLAB and are shown in Figure 1. The combination
of the bandpass and the weighting curves is shown in Figure 2. The filtered signal of each vibration direction,
ahwi(t), is used to calculate the total vibration value. As a first step the root mean square (r.m.s.) value ahwi is
determined for each direction i by means of Equation 1

ahwi =

√
1

T2 −T1

∫ T2

T1

a2
hwi(t)dt . (1)

Then the total vibration value is formed by the sum of squares of the three r.m.s. values as shown in Equation
2

av =
√

a2
hwx +a2

hwy +a2
hwz . (2)

If not all three directions can be measured, the standard supplies a correction factor.
In order to estimate the risk posed by HAV, the daily vibraion exposure is calculated by Equation 3, in which
every total vibration value of each activity is considered for its respective time Ti and T0 as the reference
duration of 8 hours in seconds

A(8) = ahv(eq,8h =

√
1
T0

n

∑
i=1

a2
hvi ·Ti . (3)

The standard also supplies A(8) values that cause vibration induced white finger syndrom in 10% of the people
over varying durations.
In order to reduce uncertainties in the evaluation of single impact hand-arm vibration, the standards ISO 15694
and ISO 8662-11 have been developed. The latter one defines a measureing method for nailers, while ISO
15694 includes a new filter function as well as new values, which describe different aspects of the vibraton.
The general requirements in ISO 15694 [3] are the same as in ISO 5349. One of the main differences is
that it is only required to measure in the direction of the hit. Furthermore, the following data are required:
number of impacts during measurement (nsh); interval mean, f lath-rated acceleration (ahF,RMS,3); interval mean,
Wh-rated acceleration (ahw,RMS,3). And these values are optional to be reported: vertex value of the f lath-rated
acceleration (CFh); peak value of the f lath-rated acceleration (AhF,PV ); shock-content-quotient of the f lath-rated
acceleration (SCh); shock-content-quotient of the Wh-rated acceleration (SChw); peak value of the gliding mean,
f lath-rated acceleration and the time constant; (ahF,MTVV,τ and τ ); over-energetic mean, f lath-rated accelera-
tion value (ahF,RMQ,3, with RMQ as root-mean-quad, the ’over-energetic’ mean value of a signal); over-energetic
mean, Wh-rated acceleration value (ahw,RMQ,3).
Similar as in ISO 5349 the measured acceleration is bandpass filtered with the f lath filter shown in Figure 3.
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It corresponds to the band limiting filter Wf of ISO 5349 which should not be confused with weighting filter Wh.

Figure 2. Complete Wh filter curve Figure 3. f lath filter curve, with the cut
off frequencies f f lath,lowpass = 6.31 Hz and
f f lath,highpass = 1258.9 Hz

In order to obtain the values listed above, the r.m.s.-acceleration ahF,RMS,T and ahw,RMS,T within a time interval
T has to be calculated for both weightings, the f lath and the Wh. T hast the constant value of 3 s

ahF,RMS,T =

√
1
T

∫ T

0
a2

hF(t)dt and ahw,RMS,T =

√
1
T

∫ T

0
a2

hw(t)dt . (4)

These two equations calculate the energy-equivalent vibration value. With the following two, one calculates the
over-energetic mean acceleration values or root-mean-quad (r.m.q.) values, which ephasises higher amplitudes
in the signal more than the energy-equivalent vibration value

ahF,RMQ,T =
4

√
1
T

∫ T

0
a4

hF(t)dt and ahw,RMQ,T =
4

√
1
T

∫ T

0
a4

hw(t)dt . (5)

The shock-content-quotient is the ratio between the energy-equivalent mean value and the over-energetic mean
value of the acceleration and determined for both weightings:

SCh =
ahF,RMQ,T

ahF,RMS,T
and SChw =

ahw,RMQ,T

ahw,RMS,T
. (6)

Apart from specifications on the setup with the accelerometer and post-processing with a filter, the ISO 8662-11
[4] gives instructions regarding the body posture of the operator of the tool. The operating person must stand
upright or almost upright, has to operate the tool comfortably while maintaining an angle between the upper and
lower arm between 100◦ and 160◦. Furthermore, the workpiece must lie in a bed of sand with the dimensions
being at least 600 mm x 600 mm x 400 mm. The nail or staple must be at least 50 mm away from the sides
of the workpiece. The workpiece must be 1.2 times as thick as the length of the staple or nail. It is required
that the measurement is done five times by each of the 3 subjects, who trigger the tool 10 times in 30s per
measurement. If a measurement could not be conducted as instructed, the vibration value can be corrected as
follows:

ah,w,3s = ah,w ·
√

T
3 ·n

, (7)

with ah,w being the weighted root mean square value of the incorrect measurement. It is corrected with the
square root of the fraction of the measurement duration divided by three times the number of hits.
After weighting the signal, applying the chosen filter, the mean value and the sandard deviation is calculated
for each subject as well as the overall mean value of the vibration.

4283



The purpose of ISO 5349 is to estimate the risk posed by hand-arm vibration at the workplace, whereas ISO
15694 focuses on single hits and ISO 8662-11 is specified for nailers. Hence, the evaluation of the measured
signal differes among the standards as well as some of the measuring instructions.

2.2 Research
Apart from the above described standards, many studies on HAV have been published, of which not all apply
the standards described above.
A study by Ainsa [6] has shown that the position and angle of the accelerometer relative to the respective
coordinate system influence the measurement result. Only ISO 8662-11 specifies the position in front of the
index finger and thumb on the handle as mandatory, the ISO 5349-2 suggests a position as close to the index
finger and thumb as possible.
In the same study, Ainsa [6] found that the previously named factor together with the fixing method of the
accelerometer lead to the greatest variation in the results. The fixing options include bolting the accelerometer
to the tool, glueing it, clamping it or holding it with an adapter. The assumption would be that the stiffer the
connection between the accelerometer, the higher the measured vibration values. Yet, in Ainsa’s study this was
not the case for all measurements.
Several studies have shown an influence of the grip and the push force on the measurement [[7], [8], [9]]. So
far, the authors have not found any indication that there had been any studies on these forces with a tool, like
it is used for these measurements. In most cases, the acceleration and those forces have been measured on a
specifically designed handle [[6], [7], [10], [11], [12], [13], [14]]. As they could only be evaluated qualitatively,
they are not considered in this study.
The body posture has mainly been investigated regarding the mechanical impedance of the hand-arm system
[e.g. in [6]], which influences the transmission of the vibration within the human body, but is not assumed
to influence the vibration measured on the tool. This is furthermore influenced by the dimensions and other
properties of the hand-arm system of the operator.
Another factor considered in research is the measurement duration. Both Kaulbars [15] and Marchetti et al.
[16] showed in their respective studies a decrease in the vibration value with an increase of the time window.
As the high vibration peak is followed by an absence of vibration, the larger the time window is, the more
the vibration value decreases and hence, the tool’s vibration is increasingly underestimated. The mandatory
standard ISO 5349 only advises to keep the measurement duration as short as possible before and after the
strike of the tool. The current standards for slowly striking tools, ISO 15694 and ISO 8662-11, give more
specific instructions on the measurement duration, but are not yet mandatory. In order to get a better estimate
of the risk of HAVS, Lindström and Dong proposed to use the absorbed energy [[10], [11], [17]].
Furthermore, the vibration characteristics are being taken into account. Focusing on the impulsive vibrations,
Louda [18] proposed a subdivision of the group of impulsive vibrating tools depending on their frequency
spectrum. One group has the highest vibration amplitudes above 1000 Hz and the second one has them below
100 Hz. This supports the weighting which attenuates frequencies above 1200 Hz given by ISO 5349 and the
lowpass filter of ISO 15694 with a cutoff frequency of 1250 Hz. In [10], Dong found that high frequencies do
not penetrate the hand-arm system as much as low frequencies do.

3 MEASUREMENT
In light of the previous research, an impulsive vibration tool was selected for this study. Thereupon, the param-
eters to be evaluated were chosen and the measurement conducted in accordance with the standards.

3.1 Tool and parameter selection
The tool chosen for the measurements is an electric stapler, the model Bosch Akku Tacker PTK 3,6 LI. It’s
given total vibration value is below 2.5 m

s2 and the staples used are of 11.4 mm width and 10 mm depth.
Considering the influencing factors mentioned in the previous section, the parameters that were analyzed are the
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position of the accelerometer, the fixing mechanism and the measurement duration. Three different positions on
the tool were chosen and shown in detail in the set-up description. By applying all three accelerometers at the
same time, the weight of the set-up was increased slightly, but a better comparability was given. The fixing
mechanisms used are a tie-wrap and glueing. Furthermore, the measurement duration was varied between 3s,
1s and the time between the 1%-threshold of the maximum.

3.2 Measurement set-up
The measurements were conducted in the facilities of Müller-BBM GmbH in Planegg. The electric stapler
shown in Figure 4 was used with the original staples described in the previous section. Three uniaxial ac-
celerometers of B & K (B & K 4500 A and B & K 4501 A), the amplifiers B & K type 2647-A for the ones
on positions one and two and B & K type 2635 for the third one, the measuring system PAK MKII and the
software PAK 5.9 were used. The sampling frequency used was fs = 32768 Hz. The positions of the sensors
are shown in Figure 4. At position one and three, the accelerometers were initially fixed with tie-wraps, while
the one on position two was glued on with Loctite 454. During one measurement, the sensor at position three
was glued on, while the other two remained unchanged.
The pieces of wood, in which the staples were sunk, used had the following dimensions: 250 · 120 · 19mm.
And the bed of sand in which these were placed had the dimensions: 560 · 360 · 50mm. Hence the set-up
meets the requirements of ISO 8662-11 apart from the minimum dimensions of the sandbed.

Figure 4. Electric stapler Bosch Akku Tacker PTK 3,6 LI and the positions of the three accelerometers

3.3 Performance of the measurements
The measurements were carried out by five participants, which exceeds the number of required test subjects in
ISO 8662-11. The participants practiced prior to the first measurement in order to experience the pressure such
that the staples are sunk completely. Furthermore, they were instructed to only hit the homogeneous areas of
the wood, as one without has not been available.
Each participant then completed five measurements of 30s including 10 triggerings per variation.

3.4 Evaluation of recorded data
According to the above described standards, the raw data was bandlimited and frequency weighted. Afterwards
the r.m.s.-acceleration was calculated over a specific time window. This was done for both filter functions,
which were adapted from Zechmann [5] and with all three time windows described in the previous sections.
All the calculations were done in MATLAB. Altogether, the following values were determined: ahw/hF,RMS,T
[ m

s2 ] r.m.s. value; ahw/hF,RMQ,T [ m
s2 ] root-mean-quad value; ahw/hF,PV [ m

s2 ] peak value; ahw/hF,MTVV [ m
s2 ] maximum

transient vibration value; CFhw/hF [-] crest factor; SChw/hF [-] shock content quotient; ahw/hF,3s [ m
s2 ] single hit

value normalised to 3 seconds.
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4 RESULTS
The results of the measurements are shown below.

4.1 Time signal
An examplary unprocessed recorded acceleration at position two is shown in Figure 5. There is a difference in
the unweighted peak value of the acceleration among the positions, at position two it is above 10000 m

s2 and at
the other two positions it is around 3000 m

s2 . Figure 6 shows the first impact of every test subject from position
2 in one measurement. The two plots in Figure 6 have different scalings in order to illustrate the vibration
before the impact (top) and the impact itself (bottom).

Figure 5. Unweighted acceleration of mea-
surement 3, position 2, test subject 2

Figure 6. Detailed view of one impact

4.2 Spectra
The spectra hardly differ between measurements, some differences can be observed among the measuring posi-
tions, as can be seen in Figure 7. The slope of the spectra between 80Hz and 105Hz is greater for positions one
and two than for position three. Comparing the unweighted spectrum with the spectra after applying the respec-
tive filters in Figure 8, the attenuation of higher frequencies by the Wh-weighting relative to the f lath-weighting
and the unweighted spectrum becomes apparent.

Figure 7. Spectrum of different positions
(unweighted acceleration)

Figure 8. Spectrum of different weightings

4.3 Vibration values
Comparing r.m.s.-values of the two weightings for the different measurements, positions and fixing methods, on
average there is roughly a factor 18 between the ahw,RMS and ahF,RMS for all time windows that were applied.
The Wh-weighted r.m.s.-values range from 2.5 to 2.8 m

s2 for the 3s window, from 4.2 to 4.8 m
s2 for the 1s window

and for the 1% threshold window from 7.6 to 8.6 m
s2 . The root-mean-quad values differ by a factor of roughly

35. These differences are smaller for the crest factor CFhw/hF , which varies by a factor of about 2.8. Almost
the same applies to the shock content quotient SChw/hF , for which the factor is only about 1.8 on average.
Between the Wh-weighted peak value and the f lath-weighted one, however, is a factor of roughly 52. The
factor 18, which could already be observed in the r.m.s.-values, shows again in the single hit value normalised
to 3 seconds ahw/hF,3s. In all cases, the differences between the measurements appear rather small compared to
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the standard deviations.
These differences between the weightings combined with the slightly different spectra at the three positions
result in a different relation between the positions depending on the applied weighting. For the f lath-filter,
position two gives the highest r.m.s.-values, whereas it is roughly on a level with position one for the Wh-
weighting.

5 DISCUSSION
When comparing the spectra, the peaks at the low frequencies cannot be explained without further investigations.
These peaks do not appear systematically. The reason for them is likely an error in the measurement chain or
the evaluation. Another difference in the spectra in Figure 7 is the lower slope of the vibration amplitude
between 80Hz and 1kHz for position three. It is next to the little finger, at the handle’s end (see Figure 4). An
explanation might be that one of the handle’s eigenmodes lies within that frequency interval, that dampens the
vibrations at this position for that frequency. One parameter with smaller influence on the results than initially
expected is the mounting of the accelerometer. In summary, the biggest influence on the spectra is given by the
position of the accelerometer.
The shock content quotient and crest factor, as well as the r.m.s.-values, largely depend on the weighting of the
acceleration. f lath-filtering leads to higher values, which is most likely due to the high frequency content of
the signal at the peak of the impact. Furthermore, only subject 2 always sank the staples completely and has
the lowest vibration values in three out of the four measurements. ISO 8662-11 prescribes to sink the staples
completely. With this condition unfulfilled for all but one subject at all times, it may be discussed whether this
represents the average use of the tool. Hence, the measured r.m.s.-accelerations of this test subject might be
more representative.
Comparing the measuring positions, it is not clear, why position two has lower vibration values than position
one, when the signal is Wh-weighted. The measurement results of this study showed a decrease in impulsiveness,
when the high frequencies are filtered out.

6 CONCLUSIONS
Impulsive or shock hand-arm vibrations are a topic of current research. In this study, several influencing factors
regarding the evaluation of these have been investigated. Using three uniaxial accelerometers on three different
positions, measurements were conducted on an electric stapler. Additionally, the mounting of the accelerometers
was varied as well as the applied time window and filter, in order to investigate their respective influences.
The differences among the three positions of the accelerometers are bigger than the ones due to the change in
the fixing method. However, different mountings may have advantages and disadvantages in different situations.
The differences in the r.m.s.-acceleration and the spectra were the biggest between positions. It depends on the
frequency weighting, at which point the accelerations have the highest amplitude. The f lath-weighting leads
to consistently higher accelerations than the Wh-filter. Though, no statement can be made, which of the two
estimate the vibration transmitted into the hand-arm system the best.
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Abstract
Vibrations are an important contributor to perceived discomfort in helicopters cabins. A test campaign was
conducted in order to understand how discomfort varies for helicopter tri-axial excitations. Six experiments
were conducted, which involved 30 participants. Subjects were seated on a six degree of freedom vibration
table. They had to evaluate discomfort of several stimuli. The first three experiments investigated the influence
of vibrations due to the blade passage frequency of the main rotor, to the tail boom modal behaviour and to
a combination of these two sources. The impact of a phase shifted vibrations and of amplitude-modulated
excitations were studied in a fourth and fifth experiments. Finally, the last experiment focused on real signals
measured on several helicopters of Airbus fleet. Results showed that 1) vertical vibrations represent the major
contributor to discomfort in helicopters; 2) for amplitude-modulated excitations, discomfort only depends on
the amplitude of the modulation, not on the modulation frequency; 3) out of phase stimuli are perceived in the
same way than phased stimuli; 4) helicopter frequency content above 30 Hz does not increase discomfort; 5)
ISO2631-1 comfort index is a good predictor of discomfort evaluations.

Keywords: Perception, vibrations, helicopters

1 INTRODUCTION
Helicopter manufacturers are closely interested in ride comfort because it has become an important marketing

argument. They need to have a full understanding of comfort parameters and to be able to estimate it from

in-flight measurements, in order to offer a good product to their customers.

Ride comfort is partly governed by vibration-related comfort. The ISO2631-1 standard [1] makes it possible to

evaluate the discomfort produced by any transportation means based on vibration measurements at the points of

contact between the person and the machine. However, this standard has been the subject of studies that have

shown that it does not accurately estimate discomfort from all types of sources, and deserves to be slightly

adapted for each application [2].

This is why this study aims to verify the suitability of ISO2631-1 to helicopter vibrations. It will focus on raw

signals measured in helicopters but also on signals reproducing the main characteristics of vibrations measured

in helicopters . This paper will only present subjective evaluation of discomfort due to the excitation related to

the blade passage frequency, which represents the highest excitation in the measured spectra.

2 METHODS
2.1 Participants

Thirty people participated in the experiment. This group consisted of 7 women and 23 men, aged between

22 and 55 (average=40, std=9.8 years). They were recruited from Airbus and were engineers in vibration or

acoustics. Participants had to sign a waiver beforehand attesting to their good health (no recent fractures or

surgery, no retinal problems...).

Before exposing participants to vibration, the RMS value of the weighted acceleration normalized to an 8-
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hour reference period of all vibration signals in the session was computed using the ISO 2631-1 method. The

obtained value was 0.12 m.s-2, which is below the 0.5 m.s-2 threshold value (for which a remedical action

should be taken), and far below the daily exposure limit value of 1.15 m.s-2, as defined by the regulation [3].

2.2 Test equipments
The experiment used a vibration simulator (Airbus Cube in Toulouse). This bench is a six degrees-of-freedom

simulator, but only translational vibrations were used in this study.

The test means allows a 50 mm displacement on X and Y axes, and a 100mm displacement on vertical axis.

Nominal frequency bandwidth goes from 0 to 250 Hz for all axes.

On the top platform, whose dimensions are approximately 150 cm × 150 cm, a standard helicopter seat was

fixed. Subjects participated in the experiment one by one.

The vibrations played by the Cube for each participant were recorded by three accelerometers. The first one

was a conventional triaxial accelerometer fixed to the ground at the level of the seat legs. The other two were

triaxial pad accelerometers attached to the seat and the backrest. The sampling frequency was 204 Hz and all

signals submitted to each participant were recorded.

2.3 Stimuli
In order to understand the influence of different vibratory excitations on perceived discomfort, real signals

and synthesized stimuli were played.

The real signals were derived from flight measurements performed in several helicopters of the Airbus fleet.

Vibrations were measured at the floor during stabilized forward flight phases.

Eight signals from eight different helicopters were selected to be played to participants. In four of these signals

the high frequency content (above 30 Hz) had a high level. A low-pass filtering was applied (cut-off frequency

: 30 Hz) which created four modified signals. The objective was to know if comfort analysis can be limited

to the low-frequency range or should include upper frequencies (mainly due to harmonics of the main rotor

excitation). All together, 12 "real" signals were presented to the participants.

The synthesized stimuli aimed to represent typical vibrations of helicopters. Different sources of vibration

have been studied but this paper will be limited to the main rotor blade passage.

The amplitudes of the measured vibrations vary from 0.05 to 0.5g and are generally higher on the vertical axis.

The blade passage frequency varies according to the number of blades and the type of machine from 17 to 30

Hz.

In that case, the frequency was fixed to 17 Hz and the influence of level in the three directions was studied,

using a full experimental design. Factors were the vibration level in each direction. Each factor had 3 levels,

which lead to an overall number of 27 stimuli. In the vertical direction, levels were 0.1, 0.18 and 0.32 g. In

the two horizontal directions, levels were 0.057, 0.1 and 0.18 g. In all cases, the increase between two levels

was 5 dB.

A previous study showed that for single frequency vertical vibrations discomfort depends on the vibratory ve-

locity. Hence, by choosing a low frequency vibration, higher frequencies discomfort can be inferred. Amplitude

levels varying in 5dB increment allowed to have a significant variation in discomfort (differential threshold =

1.5 dB [4]) and to cover a wide range of amplitudes with only three levels.

All signals (real and synthesized ones) had a duration of 5 second. They were presented one after the other

with a 5-second pause between two stimuli.
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2.4 Procedure
Participants assessed the discomfort produced by vibration by direct scaling. They had to give a numerical

value corresponding to their discomfort, using a continuous scale numbered 0 to 50, labelled from "no vibration"

to "extremely uncomfortable". Between these extremes, five semantic labels helped participants to give their

answer : "5 - a little uncomfortable", "15 - fairly uncomfortable", "25 - medium", "35 - uncomfortable" and

"45 - very uncomfortable". This scale is based on the one provided in the ISO16832 standard [6] for loudness

evaluation. Participants gave their evaluations aloud, during the 5-second pause between two signals, and the

experimenter stored them in a computer.

Sample signals were played to participants at the beginning of each experiment. This allowed them to become

familiar with the stimuli and the discomfort rating method. Sample signals were taken from the stimuli sets of

the experiments. They were chosen to represent the full range of stimuli for each experiment.

The experiments were presented in a semi random order to the participants. Within each experiment, the

signals were played in a random order. Unfortunately, due to practical limitation of the bench and to time, only

two random draws for all 30 participants were made.

2.5 Analysis methods
Repeated measures variance analyses (ANOVA) were used to process the data.

For visualization, perceived discomfort ratings given by participants are normalized. This is done for each

assessment, by removing the average of all ratings of the participant, and adding the average of all ratings of

all participants.

3 RESULTS
Six participants had to be removed from the dataset due to a malfunction of the vibrating bench during an

day of testing.

The average of the participants’ normalized evaluations of the real helicopter signals varies from 16 to 29

points of discomfort. This corresponds to discomfort between the "a little uncomfortable" and "uncomfortable"

labels. In comparison, the average of the ISO2631-1 comfort indexes computed from vibrations measurements

on the participants varies from 0.2 to 0.7 m.s−2, i.e. from "no uncomfortable" to "uncomfortable" depending

on the standard. All discomfort evaluations given by the participants are therefore included in the discomfort

estimates proposed by the standard.

Figure 1 shows the details of the averages of the normalized evaluations for each signal as a function of the

associated values of ISO2631-1 comfort index. It shows that the perceptive evaluations and comfort indexes of

the standard follow an increasing law and are well correlated (corr=0.93).

Figure 1 shows that there is little difference between perceived discomfort assessments of unfiltered signals

(circles) and filtered signals (triangle). The effect of frequency content filtering greater than 30 Hz for these

signals is studied with a repeated measurement ANOVA. Two factors are introduced: the filtering or not of high

frequencies (two levels), and the type of machine (four levels according to the four helicopters). The results of

the ANOVA show that only the type of machine significantly impacts discomfort (p=6.5e -16).

For stimuli representing the blade passage frequency, the normalized averages of discomfort assessments range

from 23 to 40 discomfort points. This means that participants found these stimuli "a little uncomfortable" to

"uncomfortable". The associated comfort index of ISO2631-1 range from 0.4 to 1.6 m.s−2, i.e. from "slightly
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Figure 1. Standardized discomfort ratings compared to ISO2631-1 comfort indexes of "real" signals. The he-

licopters (HC) from which the signals are derived are distinguished by different coloured markers. Triangular

markers indicate signals whose frequency content has been filtered beyond 30Hz.

uncomfortable" to "very uncomfortable", which means that the standard overestimates discomfort a little for

these stimuli.

Analysis of variance showed that the three factors, as well as the majority of their interactions were significant.

Only the interaction between X and Y axes was not significant.

According to the values of the partial eta squared η2
p , the effect of the amplitude variation on Z is the strongest

one (η2
p = 0.83). The effects of amplitude variations on X and Y (η2

p = 0.5 and η2
p = 0.36 respectively) follow.

Finally, factors interactions have a weaker effect force (η2
p = 0.065 for Y −Z, η2

p = 0.062 for X −Z and η2
p =

0.058 for X −Y −Z).

These results are shown in Figure 2a which presents the simple effects of the three factors. These same simple

effects are shown in Figure 2b for the comfort indexes of ISO2631-1. This figure shows that the variations in

the indexes are similar to the variations in perceived discomfort.

4 DISCUSSION
These results show that the index as computed by the ISO2631-1 standard provides a good estimation of

perceived discomfort, whether for signals measured in flight or synthesized stimuli.

This index is already used at Airbus, but does not always correspond to the feeling of the flying crew. This

raises the question of the difference in the perception of discomfort in flight and in laboratory conditions,

because passengers are submitted to many other stimuli in the real situation.

The results also show that the vibratory frequency content greater than 30 Hz does not influence the perception

of discomfort. Differences between perceptive evaluations and ISO indexes may then appear and shows an

overestimation of discomfort by the standard (see black signals figure 1).

The results of the experiment on stimuli simulating vibrations related to the blade passage frequency tend to

show that the vertical axis has the greatest impact on perceived discomfort. These results are consistent with

ISO2631-1, which penalizes vertical vibrations more than lateral and horizontal vibrations.
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Figure 2. Simple effects of amplitude variations on each vibration axis

Overall, the comfort indexes of the standard provide a good approximation of helicopter vibratory discomfort.

However, the semantic labels can be slightly adjusted to better match the feelings given by the participants.

5 CONCLUSION
This test campaign provided a better understanding of the discomfort associated with helicopter vibrations.

The ISO2631-1 standard provides a good estimation of discomfort, both for signals from measurements and

synthesized signals. The measured effects of the variation in the amplitude of the vibrations according to the

axes X , Y and Z are in accordance with the recommendations of the standard, which is that vibrations on the

vertical axis have the greatest impact on discomfort. The standard comfort index could be slightly improved to

best suit the specificities of helicopters, by adjusting semantic labels for example. It should be noted, however,

that this standard does not take into account the effect of beating that can occur for two sinusoidal vibration

sources of close frequency. This phenomenon will be further tested.
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ABSTRACT 
The vibration transmissibility to the seated drivers has important influences on the human body comfort, 
health, and safety. To establish the dynamic equation for precondition of modal analysis, Newton-Euler 
method is usually used as the common study. However, this method is difficult to determine generalized 
coordinates belong to which natural frequency for linear system. On the other hand, by using transfer path 
analysis (TPA) as a new technique, it is possible to determine generalized coordinates of the vibration for the 
car machine affected the vibration of the car. The purpose of this research is to quantify the comfort level for 
driver’s whole body vibration in passenger car based on ISO 2631-1 and to know the level of vibration on 
the car using transfer path analysis. This research tries to characterize the vibration effect of different sources 
(variation of the car machine) at idle condition. Human as the subjects are involved in this test. The results 
of this study show that low frequency vibration of the seat drivers affected to the ride comfort. Through TPA, 
the human body comfort can be evaluated using operational force by multiplying the natural frequencies of 
the car with the operational acceleration. 
 
Keywords: Comfort Evaluation on the Drivers, ISO 2631-1, Transfer Path Analysis, Whole Body Vibration. 

1. INTRODUCTION 
Car becomes one of the transportation that widely used by people especially in Indonesia. Based 

on data from the National Statistics Agency of Indonesia, the number of cars has owned by Indonesian 
people in 2017 reached 15.493.068 units (1). Along with the increasing use of cars as a public 
transportation, the factors of comfort on car drivers are being considered and become an important 
thing in automobile system. 

Several investigations about the effect of the vibration on the driver seated position have been 
reported. Van Niekerk et al estimated dynamic seat comfort prediction using the Seat Effective 
Amplitude Transmissibility (SEAT) for 16 different automobile seats (2). Rakheja et al investigated 
the interactions of the seated occupants with an inclined backrest at the two driving -points using 
apparent mass (3). Investigation by using apparent mass was also done by Subashi et al for nonlinear 
subjective and dynamic responses of seated subjects exposed to horizontal whole-body vibration (4). 
Coyte et al presented a holistic literature survey about seated whole body vibration analysis, 
technology, and modelling (5). The transmissibility measures, impedance, estimation of frequency 
response function, and model development were surveyed as the data processing techniques for the 
motion of the seated body.  

Transfer path analysis (TPA) is a method to solve the vibration problems by identifying their  
vibration sources and the contributions of each transfer path to the receiver inside the vehicle (6). TPA 
is commonly used in the automotive industry (7,8,9) especially for passenger cars (10,11). This 
research tries to implement TPA as a method to investigate the vibration behaviour on the car 
especially for the driver’s seat comfort in automobile aspect based on ISO 2631-1. The effect of car 
engine as the source of vibration on seat comfort were investigated with variation of the car engine 
(car engine from classic car and new car) at idle condition. Experimental modal analysis by impact 
test is used to determine the natural frequencies as the dynamic characteristics of the car. The natural 
frequencies from impact test is multiplied with operational acceleration which is equal to operational 
force as transfer path analysis. Transfer path analysis to evaluate the vibration characteristics of the 
                                                         
1 nihlatulfs@gmail.com 
2 arifianto@gmail.com 
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car related to the driver seat comfort will be discussed in section 4.1. 
 
2. THEORETICAL ASPECTS 
2.1 Whole Body Vibration According to ISO 2631-1 

The ISO 2631-1 (1997) standard is usually used as the reference for vibration effects to the human 
body. It defines the quantified methods for whole-body vibration (WBV) with respect to vibration 
comfort, health, and motion sickness. The ISO 2631-1 focus on vibration comfort measured over 
longer time since the seat supports the driver in sitting posture related to whole body vibration.  The 
human body is complex mechanical system and more sensitive to certain frequencies so that the 
frequency weighting is needed due to this fact and also according to the ISO 2631-1 standard (12). 
Frequency weighting of signal needs to be divided into its frequency content. Once the frequency 
content is calculated and the amplitude is multiplied with desirable weighting so it will change the 
amplitude depending on the frequency (13). The frequency weighting for human body comfort 
reactions to vibration environments can be seen in table 1. 

Table 1 – Comfort reactions to vibration environments (12) 

Weighted rms acceleration (m/s2) Subjective response 

Less than 0.315 m/s2 Comfortable 

0.315 m/s2 - 0.63 m/s2 a little uncomfortable 

0.5 m/s2 - 1 m/s2 fairly uncomfortable 

0.8 m/s2 – 1.6 m/s2 Uncomfortable 

1.25 m/s2 – 2.5 m/s2 very uncomfortable 

Greater than 2 m/s2 extremely uncomfortable 
 
When investigating the whole body vibration excitation, the ISO 2631-1 standard recommends several 
measurements which are appropriate to use. The measurable quantities use weighted root mean square 
acceleration (aw) and vibration dose value. The weighted rms acceleration is the most common used 
to describe the acceleration time signal with a single value (14) and it is expressed in metres per 
second squared (m/s2). The calculation of the weighted rms acceleration and the vibration total value 
are defined in equation 1 and 2.  

                            

2
1

0

2 )(1 T

ww dtta
T

a
                              (1) 

where aw is the weighted acceleration as the function of time (in m/s2), and T is the duration of 
measurement (in second). ISO 2631-1 states that the vibration total value of weighted rms acceleration 
should be applied if the vibration comfort become the  aim that shown in equation 2 

                       
2/1222222

)( )( wzzwyywxxtotalw akakaka
                       (2)  

where aw (total) is the vibration total value, awx is the weighted rms acceleration in x-direction, awy is 
the weighted rms acceleration in y-direction, awz is the weighted rms acceleration in z-direction, kx, 
ky, and kz are multiplying factors (multiplying factors are equal to 1 for comfort evaluation). 
 
2.2 Transfer Path Analysis 

Transfer Path Analysis (TPA) is used to estimate the vibration source in the dynamic system and 
to identify the vibration path for complex mechanical system (15). TPA defines the vibration response 
at selected target as a superpostion of vectorial contributions from a set of force inputs  that excite the 
structure (16,17,18). TPA can be obtained by calculating a set of the operational force where the 
operational force (F) is calculated by multipliying the natural frequency of the structure borne path 
(H) and operational acceleration (a) in frequency domain (15,19). The natural frequency of the 
structure borne path is found by using impact hammer, shaker, or impact test. There are several ways 
for impact test such as dropping a steel sphere in the structure according to (20). While, the operational 
acceleration can be measured when the vibration source is turning on (for automobile system, it is 
usually from car engine). Calculation of the operational force of the system based on TPA technique 
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is defined in equation 3. 
                                  opHaopF                                   (3) 

where Fop is operational force, H is the natural frequency of the structure, and aop is operational 
acceleration.  

3. METHOD 
This study uses ISO 2631-1 standard as the guidelines for the measurement and evaluation of 

human exposure to WBV. The frequency range that used in this study is 0.8 Hz to 100 Hz related to 
whole body vibration. The car that used in the data collection are Toyota Kijang and Toyota Avanza 
with specification shown in table 2. The car engine condition and suspension both of these cars are 
assumed still good and in accordance with the initial specifications.  The car suspension, seat 
suspension, and ambient temperature are neglected and not being a focus for this study. One seat pad 
accelerometer from Svantek type SV-38V and vibrometer Svantek SV-106 are used for the 
measurement of whole body vibration. Four accelerometers from PCB piezotronics are used with 
model 352C33 and they are connected to the data acquisition from National Instrument with model 
NI cDAQ-9178. 

Table 2 – Specifiation of the car engine 
 Toyota Kijang Toyota Avanza 

Year production 1991 2018 

Type of car Super Kijang KF 40 short Grand New Avanza 1.3L 

Type of engine Carburetor 4 cylinders in line, SOHC 
4 cylinders, 16 valves, DOHC, dual 

VVT-i EFI 

Volume of cylinder 1800 cc 1300 cc 

Maximum power 73.028 PS/ 4600 rpm 95.5 PS/ 6000 rpm 

Maximum torque 14.2 kgm/ 4600 rpm 12.3 kgm/ 4200 rpm 
 

3.1 Subjects 
Seven people (men) as the test subjects took part in this study with average age 25 years ± 6 .5 (21 

to 39 years old), the average height 173 cm ± 6.7 (163 cm to 180 cm), and the average weight 79 kg 
± 20.6 (65 kg to 125 kg). The subjects were in good physical health and did not have any history of 
neurological, musculoskeletal (back pain and spinal pain), cardiovascular, and  respiratory diseases. 
The subjects also did not used any controlled medicines and have not been submitted to recent surgery 
according to recommendations of (21). 

 
3.2 Procedure 

This study used one seat pad accelerometer for the driver’s seat car for whole body vibration 
analysis. This seat pad accelerometer was connected to vibro-analyzer Svantek SV-106 and placed at 
the seat cushion as shown in figure 1(a). Three axes indicated on the seat pad should be coincided 
with the specified axes of vibration shown in figure 1(b). The measurement used translational 
movement as the vibration direction where the fore and aft direction is defined as the x -axis, lateral 
as the y-axis, and vertical direction as the z-axis (22). Four shear accelerometers were also used and 
connected to portable DAQ. We conducted the measurement on zero condition (car engine off) and 
idle speed condition (car engine on). These shear accelerometers were attached on the some selected 
node positions : near car engine, steering wheel, driver seat cushion, and foot floor (near driver 
position). The comfort reactions on the drivers are evaluated using the weighted rms acceleration and 
1/3 octave band frequency analysis using equation 1 and 2. Transfer Path Analysis is used to analyze 
the vibration characteristics on the car. The natural frequencies were determined using modal analysis 
by dropping a steel sphere based on the experiment by Qi and Yin (20) and the value of operational 
accelerations were determined by measuring the acceleration when the car engine is turning on at idle 
condition and car placed on concrete floor. TPA method were used to identify and trace the flow of 
vibration on the car using operational force as in equation 3. 
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(a)                     (b) 

Figure 1 – (a) Installation seat pad accelerometer on the driver’s seat cushion, (b) specified axes of 
vibration (23) 

 
4. RESULTS 
4.1 Vibration Characteristics of the Car using Transfer Path Analysis 

The operational acceleration of the car engine was measured at low frequency engine idle speed 
vibrations between 0 Hz to 100 Hz. The value of operational accelerations when the car engine running 
at idle speed as the vibration source has frequency of 49.61 Hz for Toyota Kijang and 59.57 Hz for 
Toyota Avanza as shown in figure 2. Table 3 shows the weighted rms displacement from car engine 
as the vibration source at idle speed to some receivers : steering wheel, driver seat cushion, and foot 
floor. We can see in table 3 that the highest rms displacement value both Toyota Kijang and Toyota 
Avanza were on the position of near car engine, followed by foot floor, steering wheels, and dri ver 
seat cushion. The energy of vibrations that transmitted from the car engine to some selected positions 
decreased their magnitudes. On the other words, the vibration that received by the driver that seat on 
the driver seat cushion has smaller amplitude compare to vibration amplitude near the car engine. The 
car engine rms displacement of Toyota Kijang was higher than Toyota Avanza. It was caused by the 
amplitude of operational vibration for Toyota Kijang has higher value 0.015 m/s2 compared to Toyota 
Avanza which has amplitude 0.002 m/s2 (see figure 2). It means the vibration amplitude of Kijang was 
7.5 times higher than the vibration amplitude of Avanza. 

Vibration characteristics of the Toyota Kijang and Toyota Avanza decreased their amplitudes from 
car engine position to some selected positions. This was caused by the car structure which has the 
damping coefficient of the material to reduce and absorb the vibration. Beside that, the system both 
of those cars have no resonance effect as proven in transfer  path analysis method where resonance is 
a condition which occurs when a natural frequency is excited by an external forcing frequency.  The 
natural frequencies both Toyota Kijang and Toyota Avanza which obtained through impact test by 
dropping a steel sphere are shown in figure 3. Equation 3 was used to determine transfer path analysis 
by multiplying the natural frequencies of the car with operational acceleration at idle condition. Figure 
4 and 5 show the transfer path analysis where the forcing frequency of operational condition at idle 
condition did not coincide the natural frequencies both Kijang and Avanza in the frequency range from 
0 Hz to 100 Hz. Therefore, the operational frequency at idle condition would not be amplified by the 
natural frequencies which can cause the frequency at which a machine will naturally amplify vibration.  

Table 3 – RMS displacement values with car engine as the source of vibration at idle condition  

Selected node positions RMS displacement for Kijang RMS displacement for Avanza 

Near car engine 6.0 mm 5.6 mm 

Steering wheel 2.9 mm 2.3 mm 

Driver seat cushion 1.8 mm 1.1 mm 

Foot floor 4.1 mm 5.5 mm 
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Figure 2 – Operational acceleration of the car engine as the vibration source at idle condition for 

Toyota Kijang and Toyota Avanza 
 

 
Figure 3 – The natural frequencies for Kijang and Avanza 

 
 

 
Figure 4 – Transfer path analysis at idle condition for Kijang 
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Figure 5 – Transfer path analysis at idle condition for Avanza 

 
4.2 Evaluating Method of WBV using the Total Weighted RMS Acceleration 

As shown in figure 6(b), we can see that the mean of the total weighted rms acceleration of Toyota 
Kijang aw (kijang)= 0.1 m/s2 has greater value compared to Toyota Avanza aw (avanza)= 0.003 m/s2 at 
idle speed condition althought both of them are still in the comfortable zone ( < 0.315 m/s2) based on 
comfort zone criteria by ISO 2631-1 stated in table 1. This was caused by engine car vibration of 
Toyota Kijang as the source of vibration has an amplitude 7.5 times higher compared to engine 
vibration from Toyota Avanza as discussed in chapter 4.1 (see figure 2). The Toyota Kijang has 
amplitude of 0.015 m/s2 and the Toyota Avanza has amplitude of 0.002 m/s2. Beside the car engine, 
the higher value of the total weighted rms acceleration from Toyota Kijang was caused by the vibration 
transmitted to the seat’s driver from the car engine which has greater rms displacement value 
compared to the Toyota Avanza as stated in table 3 where Toyota Kijang has displacement of 1.8 mm 
and Toyota Avanza has displacement of 1.1 mm on the driver seat cushion position. The driver seat 
cushion was used to place the seat pad accelerometer sensor for whole body vibration. Therefore, the 
vibration displacement and vibration amplitude of the Toyota Kijang were greater than the Toyota 
Avanza at idle condition. We can observe in figure 6(d) that the VDV values at idle condition both 
Kijang and Avanza were less than 9.1 m/s1.75 for Exposure Action Value (EAV) and less than 21 m/s1.75 

for Exposure Limit Value (ELV) which meant it was safe and healthy from vibration exposure that 
caused potential health risks to the drivers according to the European Directive standard (24).  

 

Figure 6 – Comparison between Kijang and Avanza for the total weighted rms acceleration on : 
(a) zero condition (b) idle, and vibration dose value on : (c) zero condition (d) idle 

 
4.3 Evaluating Method of WBV using 1/3 Octave Band Frequency Analysis 

According to ISO 2631-1, the frequency weighting that used for the measurement of whole body 
vibration are principal weightings in one-third octaves (Wd for the x and y directions, and Wk for the 
z direction). These frequency weightings were applied for seated driver on the effect of vibration on 
comfort with multiplying factor k=1 for all of the directions on supporting seat surface vibration. The 
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dominant frequency was identified as the 1/3 octave band frequency in the range from 0.8 Hz to 100 
Hz associated with the highest frequency weighted acceleration values. The relation between 
frequency weighted rms acceleration and 1/3 octave band frequency in the vertical direction  (z- axis) 
were shown in figure 7. 

We can observe in figure 7 that idle condition has higher value compared to zero condition both 
Kijang and Avanza. Generally, Toyota Kijang has higher amplitude of the weighted rms acceleration 
as the comfort parameter compared to Toyota Avanza for the driver’s whole body vibration. Kijang 
has the highest amplitude at frequency 20 Hz with the weighted rms acceleration value 0.155  m/s2 and 
Avanza has the highest amplitude at frequency 4 Hz with the weighted rms acceleration value 0.041 
m/s2. This was confirmed with the results of the vibration characteristics on the car as discussed in 
section 4.1 where Toyota Kijang has higher amplitude and also rms displacement compared to Toyota 
Avanza on the driver seat cushion as the position of the driver  (see table 3). Therefore, the vibration 
amplitudes that received by drivers for Toyota Kijang were greater than Toyota Avanza. However, 
Toyota Kijang and Toyota Avanza were still in the comfortable zone at idle condition because the 
value of the total weighted rms accelerations were less than 0.315 m/s2 based on comfort zone criteria 
classified by ISO 2631-1. 

 

 
Figure 7 – One third octave band frequency analysis for Kijang and Avanza 

5. CONCLUSIONS 
The vibration level and vibration characteristics that affected by different vibration source 

(variation of the type of car) were analyzed. The results showed that low frequency vibration of the 
seated drivers affected to the comfort of ride both Toyota Kijang and Toyota Avanza using weighted 
rms acceleration and 1/3 octave band frequency analysis according to ISO 2631-1 standard. At idle 
condition, the driver seat comfort were in the comfortable zone both of those cars. Transfer path 
analysis has shown the level of vibration on the car. Through TPA, the human body comfort can be 
evaluated by multiplying the natural frequencies of the car with the operational acceleration. 

ACKNOWLEDGEMENTS 
The authors would like to sincerely thank to the member of Vibration and Acoustics Laboratory, 

Department of Engineering Physics - Institut Teknologi Sepuluh Nopember (ITS), for the technical 
support given during the research. 

 
 
 

0.000

0.040

0.080

0.120

0.160

W
ei

gh
te

d 
RM

S 
A

cc
el

er
at

io
n 

(m
/s^

2)

Frequency (Hz)

Zero Condition (Kijang) Idle Condition (Kijang)

Zero Condition (Avanza) Idle Condition (Avanza)

4301



 

 

REFERENCES 
1. National Statistics Agency of Indonesia. Development of the number of vehicle in Indonesia 1949-2017. 

2017. Accessed in https://www.bps.go.id/linkTableDinamis/view/id/1133 
2. Niekerk JV, Pielemeier W, Greenberg J. The use of seat effective amplitude transmissibility (SEAT) values 

to predict dynamic seat comfort. Journal of Sound and Vibration (Vol. 260). 2003. 
3. Rakheja S, Stiharu I, Zhang H, Boileau PÉ. Seated occupant interactions with seat backrest and pan, and 

biodynamic responses under vertical vibration. Journal of Sound and Vibration. 2006; 298(3), 651–671.  
4. Subashi GHMJ, Nawayseh N, Matsumoto Y, Griffin MJ. Nonlinear subjective and dynamic responses of 

seated subjects exposed to horizontal whole-body vibration. Journal of Sound and Vibration. 2009; 321(1), 
416–434.  

5. Coyte JL, Stirling D, Du H, Ros M. Seated whole-body vibration analysis, technologies and modelling: a 
survey.  IEEE Transactions on Systems, Man and Cybernetics, Part A: Systems and Humans. 2016; 46 
(6) p. 725-739. 

6. Stan AC, Yenerer H, Sendur P, Basdogan I. Experimental transfer path analysis for a heavy duty truck. 
Proc 12th Biennial Conference on Engineering Systems Design and Analysis (ESDA 14 by ASME); 25-
27 July 2014; Copenhagen, Denmark. 2014. 

7. Genuit K, Poggenburg J. The design of vehicle interior noise using binaural transfer path analysis. society 
of automotive engineers Inc. NCV19. 1999.  

8. Sturesson PO, Svensson C, Weckner J, Karlsson R, Sohr P. N&V integration and optimization of driveline 
using transfer path analysis. SAE International. 2012. 

9. Koizumi T, Tsujiuchi N, Nakamura Y, Kido I, Hashioka M. A measures planning method by analysis of 
contribution of the vibration transfer path. Proc SAE Noise and Vibration Conference and Exhibition. 
2009. 

10. Knapen PL. Transfer path analysis related to booming, performed on a car. DCT rapporten; Vol. 1999.018. 
Eindhoven: Technische Universiteit Eindhoven.1999. 

11. Plunt J. Strategy for transfer path analysis (TPA) applied to vibro-acoustic systems at medium and high 
frequencies. International Conference on Noise and Vibration Engineering. Leuven, Belgium. 1998. 

12. International Standard of Organization. ISO 2631-1 - Mechanical vibration and shock- evaluation of 
human exposure to whole-body vibration. 1997. 

13. Darth J. Engine start / stop vibrations in truck. Master Thesis of KTH Unversity (Sweden). 2014. 
14. Brandt A. Noise and vibration analysis. Chichester: Johan Wiley & sons. 2011.Edition 1, p.438. 
15. Kim BL, Jung JY, Oh IK. Modified transfer path analysis considering transmissibility functions for 

accurate estimation of vibration source. Journal of Sound and Vibration. 2017; 398, 70–83. 
16. Plunt J. Finding and fixing vehicle NVH problems with transfer path analysis. Journal of Sound and 

Vibration, 2005: p. 12–16. 
17. Wyckaert K, Auweraer H. Operational analysis, transfer paths analysis, modal analysis: tools to 

understand road noise problems in cars. Proceedings of SAE Noise and Vibration Conference. 1995; p. 
139–143. 

18. Oktav A, Yilmaz C, Anlas G. Transfer path analysis : Current practice , trade-offs and consideration of 
damping. Journal of Mechanical System and Signal Processing. 2017; 85 (760-772).  

19. Taufan I, Susation J, Arifianto D. Transfer Path Analysis as a Feature for Damage Detection on the Pump-
Beam System. Proceeding of ICSV25. 2018. 

20. Qi X, Yin X. Experimental Studying Multi-Impact Phenomena Exhibited During The Collision of a 
Sphere Onto a Steel Beam. Journal of Advanced in mechanical Engineering. 2016. 

21. Griffin MJ. Handbook of human vibration. London: Academic Press. 1990. 
22. Mansfield NJ. Human response to vibration. London : CRC Press. 2005. 
23. British Standards Institution, BS 6841: Measurement and evaluation of human exposure to whole body  

mechanical vibration and repeated shock, London, 1987. 
24. 2002/44/EC, D. European Parliament and the Council of the European Union Directive 2002/44/EC (EU 

Directive) on the minimum health and safety requirements regarding the exposure of workers to the risks 
arsing from physical agents (vibration). Off. J. Eur. Communities OJ L177. 2002. 

 
 

 

4302



 

PROCEEDINGS of the  
23rd International Congress on Acoustics  
 

9 to 13 September 2019 in Aachen, Germany 

 

 

 

Acoustic radiation modes and active structural acoustic control in 

coupled enclosure 

Haichao ZHU1, Rongfu MAO1, Jinlong LIAO1, Changwei SU1 

1 National Key Laboratory on Ship Vibration and Noise, Naval University of Engineering, China 

ABSTRACT 

There are two problems in the active structural acoustic control (ASAC) of coupled enclosure. Firstly, the 

structural mode information is required in order to obtain the acoustic radiation mode (ARM) of coupled 

enclosure. Secondly, only the radiation efficiency is included in conventional ASAC strategy of coupled 

enclosure, which has not enough good precision. To overcome these problems, by analogy to ARM theory of 

free space, the acoustic potential energy is expressed in quadratic form of normal velocity on coupling 

surface and ARM of coupled enclosure is redefined. So the proposed ARM theory of coupled enclosure is 

consistent with that of free space and is convenient for application. The control strategy based on the 

dominant acoustic radiation mode (dARM) is proposed, and corresponding ASAC model of the coupled 

enclosure is also established. Simulation analysis and experimental research on elastic plate-rectangular 

coupled enclosure are carried out.  Both simulation and experimental results show that better control effect 

can be obtained by controlling APE contributed by dARM. Therefore, the feasibility and effectiveness of the 

proposed dARM control strategies are proved. 

 

Keywords: ASAC, Acoustic radiation mode, Coupled enclosure  

1. INTRODUCTION 

Acoustic Radiation Mode (ARM) theory, which was put forward in 1990s (1,2), is an effective 

structural acoustic analytical method. The ARM is a specific radiation pattern of a radiator surface, 

and all normal velocity or surface pressure on the vibrating surface can be expressed by a linear 

combination of ARMs. An important feature of ARM applied in structure radiation research is that 

coupling terms of structural modes may be avoided and acoustic radiation power can be reduced by 

controlling an arbitrary order of ARM coefficient amplitude. Therefore, the calculation and control of 

acoustic radiation can be performed more effectively (3-5). 

The problems of noise control in coupled enclosure exist widely in industry and life environments, 

such as cabins of plane, ship and vehicle, rooms for working and living. A lot of researches at home 

and aboard have been conducted on this topic. Among them, the applications of Active Structural 

Acoustic Control (ASAC) attracted extensive attention, due to avoidance of secondary sound sources 

by actuators applied on structure directly instead and good performance with a few actuators. Point 

force control was applied on a cylindrical shell to reduce the transmitted sound power by Simpson (6), 

and internal noise control in DC-9 cabin was achieved successfully. The mechanism of ASAC in 

coupled enclosure was studied in detail by Pan (7-9) via both theoretic analysis and experiment 

research. Snyder (10) firstly proposed a formulation to derive the eigenvectors of the error weighting 

matrix of coupled enclosure, and corresponding ASAC model was built. Similar researches on ARM of 

weak coupled enclosure were also conducted by Cazzolato (11), Hill (12) and Bagha (13), and great 

achievements were made. 

However, it’s worthy to note that the “ARMs of weak coupled enclosure” in previous studies are 

incompatible with ARMs in free space in physical significance, namely, the former are a set of basis 

functions of structural mode amplitude whereas the latter are a set of basis functions of structural 

surface normal vibration or pressure. On the other hand, structural mode is still necessary in 

calculation and control process. However, accurate structural modes cannot be obtained conveniently 

due to complexity of structures in practice and dependence on the boundary conditions. In addition, 

only radiation efficiency is considered in the ASAC, which may fail to achieve the expected control 

                                                        
1 haiczhu@163.com  
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effect or lead to low control efficiency. 

To overcome these problems, by analogy to ARM theory of free space, the acoustic potential energy 

was expressed in quadratic form of normal velocity on coupling surface and ARM of coupled 

enclosure was redefined. Then, the active control strategy based on the dominant acoustic radiation 

mode (dARM) is proposed, and the corresponding ASAC model is established.  

2. AOUSTIC RADIATION MODE THEORY 

 

Figure 1 –The coupled enclosure 

Considering the minimization problem of sound transmission into a coupled enclosure. The 

Acoustic Potential Energy (APE) of an enclosure is chosen as the global error criterion, which is 

written as 

𝐸𝑝 =
1

4𝜌0𝑐0
2 ∫ |𝑝(𝒓)|

𝑉

2
𝑑𝒓， (1) 

where 𝜌0 is the density and 𝑐0 the speed of sound within the acoustic fluid enclosed by the enclosure, 
𝑝(𝑟) is the acoustic pressure and the integral is evaluated over the enclosure volume 𝑉, and 𝑟 = (𝑥, 𝑦, 𝑧). 

With the assumption of weak coupling between the flexible structure and enclosure, the acoustic 

pressure at an any location in the enclosure can be expressed as a linear combination of the rigid wall 

acoustic mode shape functions of the enclosure 

𝑝(𝒓) = ∑ 𝑃𝑖𝝋𝑖(𝒓)∞
𝑖=1 , (2) 

where 𝑃𝑖 is the i-th acoustic mode amplitude and 𝜑𝑖(𝒓) is the associated mode shape function at the 
location 𝒓 in the enclosure. 

Assuming that there is no fluctuating sound source in the closed cavity, the sound pressure  𝑝(𝐫) at 

any point 𝐫 in the enclosure generated by the elastic structure vibration can be defined as the Green's 

function response equation 

𝑝(𝒓) = 𝑗𝜌0𝜔 ∫ 𝐺𝑎𝑆
(𝒙|𝒓)𝒗(𝒙)𝑑𝒙， (3) 

where 𝒗(𝒙) is the normal velocity on the structural boundary 𝑆 at location 𝒙, and 𝐺𝑎 is the Green’s 
function for the enclosure satisfying rigid walled boundary conditions 

𝐺𝑎(𝒙|𝒓) = ∑
𝝋𝑖(𝒙)𝝋𝑖(𝒓)

𝛬𝑖(𝜅𝑖
2−𝑘2+2𝑗𝜅𝑖𝑘𝜉𝑖)

∞
𝑖=1 ， (4) 

where 𝜅𝑖 and 𝑘 are acoustic wave number of the 𝑖-th order acoustic mode frequency𝜔𝑖  and the 

analysis frequency 𝜔 , 𝜉𝑖  is the modal damping ratio of i-th enclosure mode, Λ𝑖  is the volume 

normalization factor of the 𝑖-th acoustic mode with Λ𝑛 = ∫ 𝛗𝑛(𝐫)∗𝛗𝑛(𝐫)
𝑉

𝑑𝐫, and the superscript “*” 

denotes the conjugate operator.  

Suppose that the surface of the elastic structure is discretized into 𝑀 elements. Considering the 

first 𝑁-th order acoustic modes, and using the orthogonality between the acoustic modes, the APE of 

enclosure can be expressed as the form of the normal velocity of the elastic structure surface  (14) 

𝐸𝑝 = 𝒗𝑯𝜴𝒗， (5) 

where the superscript “
H

” denotes the Hermite operator, 𝒗 is an  (𝑀 × 𝑀) vector of normal velocity on 
the discrete elastic surface, 𝜴  is an (𝑀 × 𝑀)  error weighting matrix, and the (𝑚, 𝑛) -th element 
expression is 

𝜴(𝑚, 𝑛) = ∑
𝜌0𝑘2𝑠𝑚𝑠𝑛

4𝛬𝑖|𝜅𝑖
2−𝑘2+2𝑗𝜅𝑖𝑘𝜉𝑖|

2
𝑁
𝑖=1 𝝋𝑖(𝑥𝑚)∗𝝋𝑖(𝑥𝑛)， (6) 
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where 𝑠𝑚 and 𝑠𝑛 are the areas of the 𝑚-th and 𝑛-th discrete elements of the elastic structure surface 
respectively. 

The definition of error weighting matrix 𝛀 shows that 𝛀 is Hermitian. Additionally, from the 

physic meaning of the APE 𝐸𝑝 in Equation 5, it can be deduced that 𝐸𝑝 > 0 will be always true 

except the normal velocity vector equals 0. Therefore, 𝛀 is positive definite and Hermitian, and it can 

be expressed by the eigenvalue decomposition as 

𝜴 = 𝑫𝑨𝑫𝐻， (7) 

where 𝐀  is a diagonal matrix with eigenvalues 𝜆𝑖(𝑖 = 1,2,⋅⋅⋅ 𝐼) decreasing monotonically along the 

diagonal, 𝐃 represents an (𝑀 × 𝑀) matrix whose columns are eigenvectors d𝑖(𝑖 = 1,2,⋅⋅⋅ 𝑀). Since 

𝛀 is positive definite and Hermitian, all of its eigenvalues 𝜆𝑖 are positive real and its eigenvectors d𝑖 

are orthogonal to each other. Thus, it can be seen that eigenvectors d𝑖are a set of basis functions in the 

𝑀  dimensional space, so they’re termed as the Acoustic Radiation Modes of coupled enclosure 

specifically. It can be found that no structural modal information of the elastic structure is required in 

the calculation of ARM. 

Similar to the ARM in free space, the ARM of coupled enclosure represents a particular velocity 

pattern on the coupling surface. Both of them are dependent on the exciting frequency an d the 

geometry of the flexible surface, but independent of the surface material and its boundary condition. 

However, different from the ARM in free space, the ARM of coupled enclosure is dependent on the 

geometry, natural frequencies and damp of the enclosure in addition. On this basis, the ARM theory of 

coupled enclosure which is consistent with that of free space and convenient for application was 

formed. 

3. ACTIVE CONTROL STRATEGY 

From Equation (7), it can be seen that eigenvectors d𝑖(𝑖 = 1,2,⋅⋅⋅ 𝑀) are a set of basis functions in 

𝑀 dimensional space, and then all arbitrary normal velocity 𝐯 on the elastic surface can be expanded 

uniquely by the eigenvectors 𝐝𝐢 as 

𝐯 = 𝐃𝐲 = ∑ 𝑦𝑖𝐝𝐢
𝑀
𝑖=1 ， (8) 

where 𝐲 is the ARM amplitude vector. 

Substituting Equations (7,8) into Equation (5), the APE of coupled enclosure can be further written 

as follows  

𝐸𝑝 = 𝐲𝐻𝐀𝐲 = ∑ 𝜆𝑖|𝑦𝑖|
2𝑀

𝑖=1 = ∑ 𝐸𝑝𝑖
𝑀
𝑖=1 ， (9) 

It can be seen from Equation (9) that the APE of coupled enclosure can be decoupled by the ARMs, 

that is, the APE can be reduced by control of an arbitrary order of ARM amplitude. 

In ASAC, the primary problem is the determination of the dominant acoustic radiation modes 

(dARM). In most previous studies, dARMs are obtained only based on the radiation efficiency  𝜆𝑖. As 

can be seen from Equation (9), the APE is not only related to the radiation efficiency 𝜆𝑖, but also 

affected by the ARM amplitude |𝑦𝑖|. Therefore, the conventional control strategy of ASAC is not 

comprehensive enough. Combining radiation efficiency and the ARM amplitude, a new dARM 

determination method is proposed in the Reference (15). Therefore, once the dARM contributed APE 

is cancelled, ideal ASAC effect can be obtained. When the APE contributed by dARM is used as the 

control target, an active control strategy based on the dARM may be designed. 

Suppose there are 𝐺 dARMs 𝑔1 , 𝑔2 ⋯ , 𝑔𝐺 , and the dARM contributed APE can be written as 

𝐸𝑝𝐺 = 𝐲𝐺
𝐻𝐀𝐺𝐲𝐺 = ∑ 𝜆𝑔𝑖

|𝑦𝑔𝑖
|
2𝐺

𝑖=1 ， (10) 

where 𝐀𝐺 = 𝑑𝑖𝑎𝑔(𝜆𝑔1
, 𝜆𝑔2

, ⋯ , 𝜆𝑔𝐺
)  is a diagonal matrix consisting of the radiation efficiency of 

dARM, and 𝐲𝐺  is a ARM amplitude vector of 𝐺 dARMs, according to Equation (8), 

𝐲𝐺 = 𝐃𝐺𝐯𝑛， (11) 

where 𝐃𝐺 = [𝐝𝑔1
𝐝𝑔2

⋯ 𝐝𝑔𝐺] is a (𝑀 × 𝐺) dimensional matrix, with 𝐺 dARMs vectors in its 

columns. 

Considering the coupling effect of the acoustic enclosure, the normal vibration velocity of the 

elastic structure surface can be expressed as 

𝐯𝑛 = 𝐓(𝐅 − 𝐩(𝑠))， (12) 

where 𝐓 is the admittance matrix of the elastic structure without considering the coupling of the 

enclosure, 𝐅 is the excitation force vector applied to the elastic structure surface, and 𝐩(𝑠) is the 
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surface acoustic pressure vector of the elastic structure in the enclosure.  According to Equation (3), 

𝐩(𝑠) is expressed as matrix form is 

𝐩(𝑠) = 𝐆𝐯𝑛， (13) 

Inserting Equation (13) into Equation (12), the relationship between the normal vibration velocity 

of the elastic structure surface and the external force can be expressed as  

𝐯𝑛 = (𝐈 + 𝐓𝐆𝑠)−1𝐓𝐅 = 𝐓′𝐅， (14) 

where 𝐓′ = (𝐈 + 𝐓𝐆𝑠)−1𝐓 is the admittance matrix of elastic structure considering coupling effect. 

Assuming that m primary excitation forces and n secondary control forces act together on the 

elastic structure of the coupled enclosure. According to the superposition principle, the normal 

vibration velocity of the elastic structure surface can be written as 

𝐯𝑛 = 𝐯𝑛𝑝 + 𝐯𝑛𝑠 = 𝐓𝑝
′ 𝐅𝑝 + 𝐓𝑠

′ 𝐅𝑠， (15) 

By substituting Equations (11, 15) into Equation (10), 𝐸𝑝𝐺
 can be written as a quadratic form of 

the secondary control force complex amplitude 

𝐸𝑝𝐺
= 𝐅𝑠

𝐻𝐚𝐴𝐅𝑠 + 𝐅𝑠
𝐻𝒃𝐴 + 𝒃𝐴

𝐻𝐅𝑠 + 𝐜𝐴， (16) 

where 

𝐚𝐴 = (𝐓𝐬
′)𝐇𝐃𝐆𝐀𝐆𝐃𝐆

𝐇𝐓𝐬
′， (17) 

𝐛𝐴 = (𝐓𝐬
′)𝐇𝐃𝐆𝐀𝐆𝐃𝐆

𝐇𝐓𝑝
′ 𝐅𝑝， (18) 

𝐜𝐴 = 𝐅𝑝
𝐻(𝐓𝑝

′ )
𝐇

𝐃𝐆𝐀𝐆𝐃𝐆
𝐇𝐓𝑝

′ 𝐅𝑝， (19) 

According to the quadratic optimal theory, the optimal secondary control force can be obtained by 

minimizing the dARM contributed APE 

𝐅𝑠,𝑜𝑝𝑚 = −𝐚𝐴
−1𝐛𝐴， (20) 

The minimum value of the dARM contributed APE is 

𝐸𝑝𝐺,𝑚𝑖𝑛 = 𝒄𝐴 − 𝒃𝐴
𝐻𝒂𝐴

−1𝒃𝐴， (21) 

4. SIMUALTION ANALYSIS 

In the following, the effectiveness of the dARM contributed APE control strategy is analyzed. The 

same numerical calculation model in Reference (7) is used here. The dimension of the coupled 

enclosure is given by 𝐿𝑥 × 𝐿𝑦 × 𝐿𝑧 = 0.868 𝑚 × 1.150 𝑚 × 1.000 𝑚, and its top surface consists of a 

6mm-thick simply supported aluminum panel and other five surfaces are perfectly rigid walls. The 

constants used in the calculation can also be found in reference 7. The primary excitation force is a 

single simple harmonic force with a amplitude 𝐹𝑝 = 1𝑁, applied to the lower left corner (𝐿𝑥 8⁄ , 𝐿𝑦 8⁄ ) 

of the elastic plate to ensure that all the modes of the elastic panel in the analysis band can be excited; 

Three simple harmonic forces are arranged as secondary control forces, their amplitudes are denoted 

as 𝐹𝑠
1 , 𝐹𝑠

2  and 𝐹𝑠
3 , the excitation positions are (0.434𝑚,  0.575𝑚,  1.000𝑚) , 

(0.434𝑚,  0.863𝑚,  1.000𝑚), and (0.651𝑚,  0.575𝑚,  1.000𝑚) respectively. 

 

Figure 2 – First five order ARM contributed APE curves 
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The first five order ARM contributed APE curves by the primary excitation force are given Figure 

2, in which the dARM at a given frequency can be observed clearly. 

Figures 3-5 show the APE curves of coupled enclosure before and after control when using one 

secondary control force to cancel the APE contributed by the 1
st

 ARM (i.e. 𝐺 = 1and𝑔1 = 1) , using 

two secondary control forces to cancel the APE contributed by the 1
st

 and 2
nd

 ARMs (i.e. 𝐺 = 2 and 

𝑔1 = 1, 𝑔2 = 2), and using two secondary control forces to cancel the APE contributed by the 2
nd

 and 

3
rd

 ARMs (i.e. 𝐺 = 2  and  𝑔1 = 2, 𝑔2 = 3) respectively. 

As illustrated by Figure 2 and Figure 3, the APE is significantly reduced only in the frequency band 

where the 1st ARM is the dARM, and there is almost no control effect or even control overflow in 

other frequency bands, such as 132 Hz (the dARM at this frequency is the fourth -order). Similarly, 

from Figure 2 and Figure 4, when the 1
st 

and 2
nd

 ARMs are controlled, the APE is greatly reduced in the 

frequency band where the 1
st

 and 2
nd

 ARMs are the dARMs and there is no control effect in other 

frequency bands. Also, from Figure 2 and Figure 5, when 2
nd

 and 3
rd

 ARMs are controlled, significant 

control effect is obtained in the frequency band where the 2
nd

 and 3
rd

 ARMs are the dARMs. But there 

is no longer reduction effect or even a large control overflow in the frequency band where the 1
st

 ARM 

is the dARM. 

Through the above analysis, it can be concluded that by controlling the dARM contributed APE,  a 

satisfactory control effect can be obtained. Conversely, if any dARM is not cancel led, it is usually 

impossible to obtain the desired control effect. This shows that the proposed dARM based ASAC 

strategy is effective. 

 

Figure 3 – Results of controlling the 1
st
 ARM using one secondary control force 

 

Figure 4 – Results of controlling the 1
st
 and 2

nd
 ARMs using two secondary control forces 
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Figure 5 – Results of controlling the 2
nd 

and 3
rd 

ARMs using two secondary control forces. 

5. EXPERIMENTAL RESEARCH 

A fixed elastic plate-rectangular coupled enclosure model was designed to carry out experimental 

research. The inner wall dimension of the rectangular acoustic enclosure is 𝐿𝑥 × 𝐿𝑦 × 𝐿𝑧 = 0.65𝑚 ×

0.50𝑚 × 0.45𝑚.The upper surface is an elastic steel plate with thickness ℎ𝑝 = 0.0026𝑚, and the other 

five surfaces are steel plates with thickness ℎ𝑐 = 0.03𝑚 (equivalent to a rigid wall). The elastic steel 

plate is fastened the rectangular enclosure by bolts, and is equivalent to the fixed boundary condition. 

The experimental system is shown in Figure 6. 

In the plane of upper surface, with the lower left corner of the surface as the coordinate origin,  a 

HEV-50 vibration exciter is installed at the position (0.155𝑚 ,  0.05m)as the primary excitation, and 

another HEV-50 vibration exciter is at the position (0.325𝑚,  0.250𝑚) as the secondary force source. 

The elastic plate is evenly meshed into 4 × 3 small area elements, 12 acceleration sensors are evenly 

arranged in the center of the 4 × 3 elements to measure the normal vibration velocity, which is used to 

determine the dARM and its amplitude (15). Four MPA416 microphones are arranged in the four 

corners of the bottom of the rectangular cavity to measure the APE of coupled  enclosure before and 

after control (16). The adaptive controller is installed at the NI Compact RIO embedded measurement 

and control platform, and the Filtered-x LMS algorithm is used as the adaptive control algorithm. 

 

Figure 6 – Experimental system 

The elastic plate (1,1) structure modal frequency 72 Hz was selected as the primary excitation 

frequency. The 1
st

 ARM is determined as the dARM under the primary excitation by the method 

proposed in the Reference (15). Then the control system is turned on to cancel the determined the 

dARM contributed APE. Figure 7 shows the time history of the dARM amplitude during control 

process. The APE curves before and after control are compared in Figure.8. It can be seen that by 

cancelling the dARM contributed APE, the dARM amplitude is effectively reduced, and APE of 

4308



 

 

coupled enclosure also achieves a satisfactory control effect, the APE reduction is as high as 14.7 dB. 

This further indicates that the ASAC strategy based on the dARM is effective.  

 

Figure 7 – Time history of dARM amplitude during control 

 

Figure 8 – The APE before and after control 

6. CONCLUSIONS 

(1) By analogy to ARM theory of free space, the acoustic potential energy is expressed in quadratic 

form of normal velocity on coupling surface and ARM of coupled enclosure is redefined, no structural 

modal information of the elastic structure is required in the calculation of ARM. 

(2) Combining radiation efficiency and the ARM amplitude, a dARM based ASAC strategy is 

proposed, which can guarantee satisfactory control effect. The simulation and experimental results 

show that the control strategy is effective. 
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improved for railway traffic in tunnels 
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ABSTRACT 
 
 
 
Currently there is no consensus for the assessment of the human response to indoor vibrations. 

Also, the methodology used by several countries is different, as can be seen from the publication and 
use of different normative documents. This paper presents a proposal for the evaluation of railway 
projects to be used in Portugal, through the calculation of transfer functions and their corresponding 
validation when the line begins operating. For this purpose, an eligibility criterion for vibrations and 
structural noise inside the buildings is presented. Additionally, this paper presents a proposal for the 
assessment of vibration mitigation measures. 

 
Keywords: railway vibrations, vibration, structural noise  

1. INTRODUCTION 
 
With the improvement of the quality of the building, specifically its sound insulation, other aspects  

began to have a greater importance in the definition of the comfort within the dwellings. In urban 
areas, the effects of vibrations due to rail traffic have been of particular importance, for some years 
now. Effectively buildings occupants can directly perceive vibrations as mechanical oscillations (for 
frequencies between 1-80 Hz), or indirectly as re-radiated noise (in the frequency range 16-250 Hz). 
When the rail traffic is located in a tunnel, as is the case with the metro lines, the re-radiated noise 
can be particularly sensitive in houses with good sound insulation. 

There is currently no consensus for the assessment of the human response to indoor vibrations, 
since the methodology used in several countries is very varied, as it can be seen from the national’s 
standards published. Likewise, there is also no consensus on the single most appropriate descriptor 
for the assessment of vibration exposure, where RMS values vibration velocity, maximum vibration 
values and/or vibration dose values can be used (ELIAS and VILLOT, 2011). 

The human response to vibrations in buildings varies from simple perception to a reaction of 
discomfort experienced by the individual in the presence of the vibratory stimulus (annoyance), which 
can lead to a deterioration of the quality of life and on the health of the occupants of buildings. Table 
1 presents a possible relationship between amplitude of vibration and induced perception.  Human 
response to vibration is very complex and, in many circumstances, the induced annoyance is not 
directly explained by the intensity and spectral content of the measured vibrations (ISO, 2003b).  This 
response induced by vibratory events inside buildings is difficult to quantify, since it differs from 
individual to individual, depending on factors such as age, gender, health status, activity developed 
during its occurrence, and time exposure and duration of the vibratory phenomenon (ELIAS and 
VILLOT, 2011). In addition, human sensitivity to vibration levels varies according to the 
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characteristics of the vibratory phenomenon, depending on its frequency, direction and amplitude 
content. For example, ISO 2631-1 (IPQ, 2007) suggests the values in Table 2 as indicative of the 
sensation of discomfort relative to vibration acceleration amplitudes.  

Table 1 – Amplitude vs vibration (adapted from de ELIAS e VILLOT, 2011) 

RMS value of the weighted acceleration 
(m/s2) 

Perceived perception 
 

< 0,01 Not detectable 

0,015 Threshold of perception 

0,02 Rarely noticeable 

0,08 Easily noticeable 

0,315 Strongly perceptible 

> 0,315 Extremely noticeable 
 

Table 2 – Amplitudes of vibration and reactions caused by vibrations (adapted from IPQ, 2007) 
 RMS value of the weighted acceleration 

 (m/s2)  
Human Sensation  

< 0,315  not uncomfortable 

0,315 - 0,63  little discomfort 

0,5 - 1  reasonably uncomfortable 

0,8 - 1,6  uncomfortable 

1,25- 2,5  very uncomfortable 

                    > 2  extremely uncomfortable 

 
Another important aspect in the human response to vibration is related to the position in which the 

individual when he perceives the vibratory movement. However, and despite the difficulties 
mentioned above, ISO 2631-1 provides criteria for the evaluation of vibration taking into account the 
location of the individual. Also, in many circumstances, the induced annoyance is not directly 
explained by the amplitude and spectral content of the vibrations measured (ISO 2631-2), but by 
factors that are not directly related to exposure to vibrations, such as: i) sensitivity to vibrations ; ii) 
fear that the source of vibration causes damage in the housing; iii) understanding of the utility of th e 
source; and, iv) future expectations regarding vibration levels (factors associated with attitudes). 
Likewise, factors associated with location (urban or rural area), visibility of the source, number of 
hours spent inside the dwelling, and socio-demographic factors, such as age, also contribute to this 
explanation. 

 

2. METHODOLOGY FOR PREDICTION OF VIBRATION LEVELS FROM 
RAILWAY LINES IN TUNNELS  

 

2.1 Introduction 
 
Detailed vibration predictions are usually performed during the final design phase of a project and 

when there are sufficient reasons to suspect adverse impact relative to the vibration descriptor. 
Effectively, it is considerably complex to develop detailed predictions of vibration propagation, using 
numerical methods, and is currently still a field of research. In this context, the International 
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Organization for Standardization published the standard ISO 14837-1 (2015), which establishes a 
general guide for the development of predictive models for vibrations and structural noise induced by 
rail traffic, having guidance in the steps of calibration, validation and verification of its 
implementation. 

This standard includes a listing of the parameters to be considered for each step, as well as a 
checklist for the different modelling methods that can be used. In the case of environmental impact 
assessment, the standard provides the use of parametric models based on numerical analysis methods 
(EMF, FDM, BEM or hybrid), empirical methods, using extrapolation of measurement data, or the use 
of semiempirical methods, which are a combination of the previously referenced models. An example 
of such an operation would be the use of a numerical model for the characterization of the railway 
emission and corresponding tunnel response, combined with the use of empirical methods for the 
estimation of vibration propagation from the tunnel to the nearest buildings, by using transfer 
functions. 

Given the difficulty of theoretical modelling of the phenomenology associated with the propagation 
of vibrations from the source to the receiver, and the uncertainty and variability of the characteristics 
of the materials and the constructive solutions, the methodological proposal  presented is based on the 
use of an experimental determination of transfer functions.   

 

2.2 Transfer functions calculation 
 
On the basis of the map of urban network and the railway tunnel, plant and cuts, a visual inspection 

should be carried out to select the nearby buildings located on the tunnel and the points next to the 
respective foundations, where measurements will be taken at the level of the soil / surface. These 
points shall be kept vertical as far as possible from other correspondents, located on the tunnel wall,  
at the level of the railway, and the characteristics of the buildings  must be written down (see 
illustration of figure 1). 

Buildings located at distances less than 10 m from the axis of the future railway line must 
necessarily be chosen. When the soil type has characteristics of a medium soil, this limit value may 
be lower, if it is in the presence of loose soils, and extended if the soils are hard. Distances to the axis 
of the railway line between 10 and 30 m advise the choice of the building; particularly if it has 
reinforced concrete structure, the limit value of 30 m can be extended to 50 m in the case of hard soils. 
For distances greater than 50 m, there are usually no vibration problems.  

The points selected in the tunnel (at track level) at the surface and on the upper floors of the 
building will constitute a set, in which the index J refers to the building, u to the tunnel, s to the 
surface, and kj to the selected floors. At this stage the tunnel must be already excavated, and preferably 
with the superstructure already concreted.  

 
       (1) 

 
For the calculation of vibration transmission from the tunnel to buildings, the line of points PJ (in 

each section considered for each chosen building) shall be set by placing accelerometers at the points 
selected on the tunnel wall (at track level), surface (in a floor solidly connected to the structure at  the 
level of the threshold , outside or in the atrium of the building, next to a pillar), and on the upper 
floors (preferably half a span of the selected rooms).  

Then, using a hydraulic drill hammer (see Figure 1), vertical vibrations are induced on the tunnel 
floor (by placing a small slab between the hammer and the ground, or tunnel floor) and the sensors 
are acquired the signals at the points PJ. 

: 
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Figure 1 - Schematic determination of the vibration transfer from the tunnel to the surface 
 
For each set of points, in the tunnel and at the surface and on the upper floors along the track 

development, and in the chosen buildings, the RMS values of the vertical velocity of vibration, 
  e  ( S on the surface, u in the tunnel, and pk on the higher floors), and for 

each set of points P_J the transfer functions between the tunnel and the surface, and between the 
surface and the higher floors: 

 
     (2) 

and 
   (3) 

or 
  dBv    (2a) 

and 
 dBv   (3a) 

 
 
Then, the vibration generated by similar trains on similar railway lines, on the tunnel wall or at the 

station, at the level of the track, vuc(t), is estimated or measured (preferred option), and the respective 
spectrum, Vuc (fi) is calculated. The estimate must be based on credible measurements taken on lines 
with similar characteristics «, and correctly transposed to the tunnel wall at the track level.  

The predictable surface vibration (buildings, ground floor),  and on the various floors   
is: 

      (4) 
and 

  mm/s    (5) 
or 

     (4a) 
and 

  dBv   (5a) 
 
If the measurements inside the buildings have been carried out on the common parts (atrium floors), 

the addition of +6 dBv is applied. An analogous procedure should also be used to account for future 
wear and degradation of wheel and rail surfaces (+10 dBv increase in all frequency bands).  

The final spectra  and and the final global values obtained for the velocity v, are 
compared with the allowable limits. The global values are estimated from the spectra, according to 
the expression (6). 

      (6) 
 
This methodology is based on the use of the measurement procedures  describe in ISO/TS 14837-

31: 2017, in the frequency range of 1 to 80 Hz for vibration evaluation, and 16 Hz and 250 Hz for 
structural noise.  
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For each case there are 4 stages, namely: selection of buildings and corresponding measurement 
points; calculation of transfer functions between track and buildings; estimation of the vibration 
generated by trains pass by in the superstructure and buildings, and estimation of structural noise.  

 
 
3.2.1 Estimation of the structural noise Leqkjc(t) 
 
Sound levels within buildings close to railways are often a combination of airborne noise and noise 

induced by the vibration transmitted by the building foundations (structural noise), and often arising 
from the same source. The vibrations induced by the railway pass by compositions are usually 
measured with accelerometers placed in the center of the compartment floors, mainly measuring the 
vertical component, while the measurement of structural noise is performed by microphones also 
located in the center of the compartment, in the range of audible frequencies, in this case between 16-
250 Hz (ISO 14837-1, 2006). 

Simultaneous measurements of noise and vibration have shown that the theoretical expression (p, 
sound pressure, ρ specific mass of air, c speed of propagation of sound waves in air, v velocity of 
vibration of an infinite plate that will generate sound waves), allow results similar with measurements 
(the effects of reflections and absorption in a division seem to be compensated).  

 
                                     (7) 

Considering ρ = 1.205 kg / m3 and c = 343 m / s, the previous expression takes the following form, 
(velocity expressed in mm/s): 

 
dB                                   (8) 

 
The previous expression allows an approximation to the estimate of the structural noise level, from 

the measurement (or prediction) of the vibration velocity values in the center of the building floors. 
If it is of interest, the A-weighted sound level value can be obtained from the values of the sound 
pressure level for the octave third bands between 16 Hz and 250 Hz, using the expression:  

  
                   (9) 

 
Where the coefficients Cj refer to the A weighted values. 
 
In the European project Rivas a simplified expression based on the application of the statistical 

energy analysis method was obtained for the prediction of structural noise levels in the center of a 
compartment by measuring the vibration velocity level in that compartment and which for concrete 
slabs, takes the form: 

 
 v in m/s re. 2x10-8    (10) 

 
This expression is valid for frequencies equal to or greater than 40-50 Hz and is also indicated in 

the ISO/TS 14837-31. 
 

3.2.2 Estimation of insulation to propagation of vibrations  
 

Where the expected values are higher than the admissible values, appropriate insulation must be 
provided to reduce the propagation of vibrations, either by introduction mitigation measures at 
vehicles and the track, under ballast mats, floating slab tracks, for example (see reference 3) with a 
sufficient insulation proprieties ΔVisol (fi) which allows to reduce the value of the spectra Vkjc (fi) 
and Vsc (fi) to below the admissible values. 

In the case ballast tracks, the mass and elastic proprieties of the ballast and underlying materials 
shall provide the necessary insulation. It should be noted that the insulation, or vibration propagation 
cut, depends on the frequency. Its calculation must be done by modeling the whole source system of 
vibrations that will propagate in the tunnel, taking into account the masses of the compositions 
(carriages and bogies with wheels), with and without passengers, the track (rails and sleepers), and 
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the underlying slab, as well as the elastic and damping characteristics of the carriage suspensions, 
under-sleeper pads, and the underlying mat. In a simplified way, the vibration source system can be 
modeled as a linear mass-spring system, or mass-spring-damper, with a degree of freedom, 
considering the total mass as the sum of the masses referred above, and the stiffness of the supporting. 
Indications for the developing, calibrating and validating the models used for the establishment of 
mitigation measures are published in Annex C in ISO 14837-1 (2015). 

Thus the final prediction, for the isolated system, will have the form (x = s ou kj):   
 

      (11) 

3. ELIGIBILITY CRITERIA 
 
Traditionally, the vibration velocity was used to establish limit values, taking into account that 

human sensitivity to vibration is constant between 8 and 80 Hz. In fact, ISO 2631-2 (1989 version) 
establish values for vibrations exposure in buildings from the determination of the frequency-weighted 
acceleration values. This standard presented the base curves of acceleration and velocity rms values 
for the different directions, which are used to establish the vibration target values, by using appropriate 
multiplicative factors. However, in the current version of this standard, there is no indication of limit 
values. 

For vibration perception inside the buildings, in terms of the rms value of vibration velocity, the 
Portuguese criteria uses the reference values indicated in Table 3. These values are valid for the 
vertical or horizontal component of the velocity, if the latter is the more significant.  

Regarding the perception of vibrations, the lower value presented (0,11 mm / s) is considered as 
perception threshold, however, values of rms vibration velocity of less than 0,28 mm / s, are still 
allowable for daytime and short duration vibrations of. This simplified approach, must be applied in 
terms of order of magnitude, being the duration of vibration an important parameter.  

 
Table 3 – Portuguese criteria for the perception of the continuous vibration inside buildings  
 

vrms (mm/s) Sensation 

vef < 0,11  Nula 

0,11 <vef< 0,28 Perceivable, supportable for short duration 
 

0,28 <vef< 1,10 Discernible, annoy, can affect labor conditions 

vef> 1,10 Very discernible, very annoying, work 
conditions reduced  

 
For the continuous or intermittent vibrations inside the buildings, the Portuguese criteria use the 

following values: 
 

 RMS vibration velocity less than 0.28 mm / s; 
 

 Application of the base curve of ISO 2831-2 (1989 version), with multiplicative factors 
corresponding to intermittent vibrations for residential buildings. In this case, the 
spectrum of rms of vibration velocity values for third octave bands shall be less than 0,14 
mm / s for central frequencies between 8 and 80 Hz (night period), limit value that  
increases to 0,4 mm / s at 2 Hz, and 0,8 mm / s at 1 Hz. For the daytime period, the rms 
velocity value vrms <3 mm / s, for the central frequency bands between 8 and 80 Hz, and 
increases for 8,8 mm / s for 2 Hz, and 17,2 mm / s for 1 Hz. 

 
For the purposes of predicting structural noise inside the exposed dwellings, taking into account 

the specificity of the situation under consideration (noise and vibrations induced by rail traffic), the 
following criteria was proposed. 

In accordance with the General Noise Regulation (Decree-Law no. 9/2007, of 17 January), it is 
considered acceptable that there are not noise annoyance assessments if the equivalent continuous 
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sound level, LAeq, is less than or equal to 27 dB (A), for each reference period. This consideration is 
made by analogy, taking into account the comfort within sleeping or living compartments, in 
accordance with the legislation referred above, since the annoyance criteria is not applicable to 
transportation noise. Assuming that trains pass by can be associated with noise event emergence of 5 
dB (A), it was establish a limit value of 22 dB (A), calculated in the relevant frequency range 
beginning in the 16 Hz band, for noise inside the compartments referred to.  

Therefore, with the objective of mitigation measures implementation, the target value of 22 dB (A) 
inside living and sleeping rooms should be accomplished. Starting from the field of vibrations 
established in the floor slab in contact with the building foundations, and making use of the vibrations 
propagation by marginal transmission to the rigid flat elements connected to the slab, as well as to the 
infinite plate radiation process, the rms value of the vibration velocity, bands between 16 Hz and 200 
Hz, the following values should be observe (ALONSO et al., 2018): 

 
 be less than 0,02 mm/s, in the most unfavorable situations where the vibrational reduction 

index of the connection (Kij) are very low and transmission between the elements is high. 
This case occurs when the constructive solutions are very heavy and most of the 
connections considerer are rigid in corner; 

 be in the range of 0.02-0.025 mm/s, in the intermediate situations where the vibrational 
reduction index of the connection (Kij) have medium values. This case corresponds to the 
common Portuguese buildings;  

 be in the range 0,25-0,03 mm/s, in the most favorable situations where where the 
vibrational reduction index of the connection (Kij) hare very hight,, and the transmission 
between the elements is very low. This case occurs when the constructive solutions for the 
walls are very lightened. 
 

4. ASSESSEMENT OF VIBRATION MITIGATION MEASURES   
 
For the assessment of vibration of mitigation measures, measurements can be made at the emission, 

transmission or reception sites. In this case it is preferable to select the emission sites because the 
number of influencing parameters is smaller and the signal-to-noise ratio is higher. Some factors may 
help to further reduce the number of influence parameters, especially if both sections are adjacent and 
if the same trains are used. For the insertion loss determination based on the difference of the vibration 
levels with and without the implemented mitigation measure, during the railway pass by compositions, 
the vibration velocity level is measured along the rail, and two protocols can be used (STIEBEL et al., 
2012): Comparison of vibration velocity levels obtained in adjacent sections with and without 
measurement; or the comparison of vibration velocity levels before and after the installation of a 
measurement. To reduce measurement uncertainties it is highly recommended to use both procedures 
in parallel (combined procedure). In this case, the test and reference section can be considered as 
comparable if vibration levels are identical before the measurement installation.  

Equally important is the dynamic characterization of the railway track and all the subsystems, after 
installation, by means of an experimental approach, in order to be able to better identify the natural 
frequencies of each subsystem, as well of the whole complete system. This procedure enables to verify 
whether the natural frequencies identified coincide or not it the natural modes of vibration of the 
compartmental elements of the building being evaluated.  

5. CONCLUSIONS 
 
Nowadays here are several descriptors for the assessment of vibration exposure, distinguishing 

between the descriptors based on energy means (rms values and dose of vibration), and those based 
on the maximum value. So far, it has not been shown which type of descriptor is preferred. In this 
communication, a methodology is presented for vibration prediction inside the dwellings, using 
experimental determination of transfer functions, alternatively, or in combination with the use of 
numerical simulation models. It is expected that the application of the methodology described will 
contribute to the harmonization of the assessments of the environmental impact projects due to rail 
traffic, especially those dedicated to subway lines . 
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ABSTRACT 
If a loudspeaker is driven at high levels, its output is likely to be affected by nonlinearities. The result is a 
distortion of the loudspeaker output which depends on the input signal. When looking at a sound 
cancellation or sound field control system the introduction of such nonlinearities lowers the performance. 
This paper investigates the extent of such effects and looks at strategies to counteract the problem. The 
paper specifically focuses on quantifying the effect of compression on the output of the system at the input 
frequency, finding a model to represent the coherent distortion and counteract accordingly. A comparison of 
different strategies to counteract the effect of nonlinearities is presented. The results show that a 
compensation based on an input voltage level adapted linear response of a loudspeaker can improve a 
sound zoning algorithm up to 20dB. Alternative compensation methods are discussed and show the benefit 
of a displacement level dependent compensation at low frequencies. 
 
Keywords: Sound Field Control, Nonlinearities 

1. INTRODUCTION 
Sound field control systems rely on accurate estimations of the transfer function between source 

and the controlled zone and often assume linear time invariance of the source. However, real 
loudspeakers behave nonlinear at high output levels. This leads to compression of the fundamental 
frequency and a rise of distortion products. In a previous paper Ma (1) shows that nonlinear 
distortion degrades the acoustic contrast, a performance metric in a sound zoning system. Further he 
states that nonlinear effects on the fundamental component appear to be the main cause for this 
contrast loss. 

 This paper investigates first approaches to compensate this effect. In contrast to more 
sophisticated compensation models (2,3) this work aims on developing a fast and easy-to-implement 
solution to the problem. The proposed approach is based on a prediction of the change in linear 
transfer function at different voltage and displacement levels. Specifically, the compression and 
decompression of the linear transfer function due to changing level will be compensated. The 
complexity of the subject required limitations and simplifications at several points. Nevertheless, 
the outcome of the paper shows promising results of an improvement of up to 20dB on a broad 
range of frequencies. The effect of distortion products will be touched but not discussed in detail. 
The following sections focus on explaining the proposed compensation method and present 
experimental results on a real loudspeaker. 

2. METHOD 

2.1 Compensation Method 
The magnitude and phase response of most loudspeakers is dependent on the input signal due to 

its nonlinear behavior at higher input levels. The first step of the proposed compensation method is 
to identify those dependencies. First, we measure the transfer function between voltage and near-
field sound pressure of a given loudspeaker at different input gains to characterize the nonlinearity 
of a loudspeaker by its apparent linear transfer function at different levels. The level dependent 
changes can be used to calculate an approximation of the expected change in transfer function at any 
other level. This expected change can be described as a function of input level using a polynomial 
fitting function of fourth order. This expected change is used to compute a linear compensation filter 
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We introduce the estimation signals 𝑥" 𝑡  with correspondent level 𝐿" = 𝐿 𝑥" 𝑡 . One level is 

chosen as reference level 𝐿&'(. The level can thereby either be a RMS (root-mean-squared) voltage 
or RMS voice coil displacement. 
 
To compute the compensation filters one 

1. measures transfer functions 𝐻 𝑓, 𝐿"  at levels 𝐿" (Fig.1, left), 
2. computes the change in transfer function ∆𝐻 𝑓, 𝐿" = 𝐻 𝑓, 𝐿" 𝐻 𝑓, 𝐿&'(  compared to the 

reference level (Fig.1, right), 
3. approximates ∆𝐻 using a polynomial regression (4th order), to get changes for a continuum 

of input levels: ∆𝐻 𝑓, 𝐿 . These are the linear compensation filters in frequency domain. 
 

To apply the compensation filters one 
1. measures the test signal level 𝐿-'.- = 𝐿 𝑢 𝑡 , 
2. applies the compensation filter to the test signal 𝑦 𝑡 = 𝐼𝐹𝐹𝑇{∆𝐻 𝑓, 𝐿-'.- 𝐹𝐹𝑇{𝑢 𝑡 }}, and 
3. plays back 𝑦 𝑡  instead of 𝑢 𝑡 . 
 

In the following, the signals to estimate the compensation are called estimation signals. The signals 
the compensation is applied to will be referred to as test signals. 
 
 

    
Figure 1 – Left: sketch of a loudspeaker magnitude response at four different levels. Right: differences in 

magnitude response at a single frequency for different levels together with polynomial regression. 
   
It has been elaborated by Klippel (4) that nonlinear behaviors of loudspeakers are dependent on 

different variables. These variables include current, velocity and displacement. An effective 
compensation strategy should be based on the level of a variable that is directly connected to the 
change in response. In this work, a simple approach of using the voltage (which is coupled to the 
current) and the displacement variable was investigated. In the following we focus on three 
variations of the compensation procedure: 

1) Sweep-voltage approach: the transfer functions are measured with an exponential sweep 
excitation. The compensation is based on the RMS voltage level. 

Measuring with sweep signals excites only one frequency at a time. This way mainly distortions at 
the fundamental frequency are recorded. 

2) Noise-voltage approach: the transfer functions are measured with M-Noise1, a noise with 
music like crest-factor. The compensation is based on the RMS voltage level. 

In contrast to the sweep-voltage approach, this test signal is closer to music which allows 
interaction between frequencies and amplitudes when measuring the transfer function. The 
interpretation of the results of this approach is less obvious due to the random structure of amplitude 
and frequency content. 

3) Noise-displacement approach: the transfer functions are measured with M-Noise. The 
compensation is based on the RMS displacement level. 

Here, the calculation and application of the compensation is performed using voice coil 
displacement instead of the voltage level. This compensation assumes that changes in transfer 
function are related to displacement. In contrast to the two preceding approaches this approach 
applies more compensation for signals with high displacement (signals with strong low frequencies). 
 

 
1 https://m-noise.org 
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2.2 Performance Metrics 
Sound cancellation applications are based on a primary wave cancelled by a secondary wave. A 

perturbation of amplitude or phase of the secondary wave, e.g. due to nonlinear distortion, directly 
translates to an achievable reduction of sound (𝛥𝐿7. Fig. 2, right illustrates this 𝛥𝐿7 as a function of 
amplitude and phase deviation (5). For no error in phase or amplitude, 𝛥𝐿7  approaches negative 
infinity, which corresponds to total cancellation. Using the formula of 𝛥𝐿7  the maximal achievable 
reduction of a sound cancellation application can be calculated given a certain error in transfer 
function. From Fig.4, already slight deviations in level and phase compromise a given sound 
cancellation application. Assuming a constant phase error of ±2.5° and a magnitude error of +1dB a 
given sound cancellation application could only achieve an attenuation of primary sound of around  
-17dB. A reduction of this errors to ±0.5°and +0.2dB improves the performance to -32dB. 

 
Figure 2 – Reduction in amplitude of a primary sound wave as a function of the difference of amplitude and 

phase between primary and secondary sound wave  

3. Results 
To test the discussed compensation strategies measurements were made using a 10-inch closed 

box subwoofer. This section first presents measurements of the variation of transfer function for 
changing level of this loudspeaker. Next, the compensation method is applied. 

3.1 Loudspeaker frequency response at different input levels 
The measured transfer functions for measurement signals with different RMS voltage levels are 

shown in Fig. 3. 

 
Figure 3 – 10-inch subwoofer frequency response measured in near-filed at 5 different levels with 15 

second exponential sweeps. 

 
The considered frequency range has been limited to 20Hz to 2000Hz, which is the effective range 
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of this speaker. The amplitude response shows a rather flat curve from 70 to 700Hz. The resonance 
of the loudspeaker lies between 60-70 Hz which explains the drop in transfer function below that 
frequency (6). At higher frequencies (above 400Hz) the response shows irregularities due to the 
construction of the loudspeaker box. Another irregularity can be observed around 160 Hz. To 
identify a change in response we chose 0.43 V as a reference measurement. The change in response 
is the difference to the reference response. Fig. 4 shows the differences in transfer function to the 
reference level at 0.43V. 

 

 
Figure 4 – Differences of magnitude and phase response at different levels relative to responses at 0.43V. 

 
Above 60 Hz the transfer function decreases in amplitude and has a negative phase shift for 

increasing level. At high frequencies, this effect might be mainly a product of voltage dependent 
nonlinearities, as the voice coil displacement is small. At lower frequencies, the displacement 
increases which allows displacement and velocity dependent nonlinearities to have an effect. Below 
60Hz the transfer function amplitude shows a rise up to 4.25V and drops at higher levels. This 
behavior is related to a downwards shift in the impedance resonance frequency. Above 5V 
dampening effects due to high displacements start to dominate (e.g. voice coil leaving the magnet or 
reluctant force of the suspension (4)). The shape of the various peaks in Fig. 4 indicate a shift in 
frequency of (anti-)resonances. 

3.2 Sweep-Voltage Compensation 
Fig.5 shows the measured transfer function with applied compensation of the sweep-voltage 

approach. The differences in transfer function for varying level are smaller than the changes 
observed in Fig. 4. Around the area of certain resonances in the speaker (e.g. around 160Hz) the 
performance of the compensation is less effective. 

 
Figure 5 – Differences in loudspeaker response (Fig.1) with applied compensation filters at different levels 

relative to measurement at 0.43V 
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In order to relate the influence of such a compensation to a sound cancellation problem, the 

achievable reduction with and without compensation is shown in Fig.6 (as explained in Sec.2.2).  
 

 
Figure 6 – Achievable reduction calculated from an error in transfer function. Simulated and measured for a 

sweep measurement at 4.25V compensated for a reference at 0.43V 
 

The Figure shows that, for a sweep test signal, the compensation using the sweep-voltage 
approach improves a sound cancellation problem by 10-30 dB on a broad range of frequencies. It 
can be seen that the compensation tends to perform worse in the areas with resonances. Note that the 
test signal matches the estimation signal which leads to a good performance of the compensation. 
Fig.7. shows the performance of the sweep-volt compensation filter applied to other test signals.  

 
Figure 7 – Achievable reduction calculated from the error in transfer function for different signals. 

Simulated and measured for signals around 4 - 5 V compensated for a reference at 0.43V 

 
For M-Noise (a) the compensation reaches an improvement of 10-20dB on a broad range of 

frequencies. Applied to white noise (b) the compensation shows improvement at higher frequencies 
(above 200Hz) but not between 50-190Hz, where the displacement is high. As two different signals 
can have the same voltage level but different displacement levels, the choice of level is critical. The 
compensation might be ineffective, if the voltage and displacement levels of the estimation and test 
signal are different. We assume that at low frequencies the compression due to nonlinearities is 
mostly dependent on displacement and at higher frequencies there is more dependency on voltage. 
This might be the reason for the poor performance from 50-190Hz, since displacement is high but 
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the voltage level is used to calculate the compensation. The presence of high displacement below 
50Hz suggests an inefficient compensation below 50Hz. but Fig.7 shows an improvement in 
achievable reduction. This is no contradiction since an over- or underestimation of a change in 
transfer function can still lead to a compensation filter that improves the error in transfer function 
compared to the uncompensated state. The compensation filter improves cancellation for both beat2 
(c) and music3 (d) signals on a broad range of frequencies of 5-20dB. Below 30-40 Hz the beat and 
music signals do not contain enough energy to make meaningful statements. 

In general, the results indicate that the proposed compensation shows an improvement on a broad 
range of frequencies. The extent of the improvement however is dependent on the frequency content 
and time variance of the applied signal. 
 

3.3  Noise-voltage and noise-displacement approaches 
As has been stated in Sec. 2.1, compensations based on different models were investigated. Apart 

from sweep-voltage approach, a noise-voltage approach and a noise-displacement approach were 
tested. The comparison of those three approaches is shown in Fig. 8. White noise was chosen as a 
test signal due to the difference in spectra compared to the estimation signals used to calculate the 
compensation. White noise has a flat spectrum in contrast to exponential sweeps and M-Noise, 
which have decaying spectra with increasing frequency. 
 

 
Figure 8 – Achievable reduction calculated from error in transfer function for different compensation 

approaches. Simulated and measured for a signal at 4.64V compensated for a reference at 0.43V. 

 
Fig. 8 shows that for a white noise test signal and the sweep-voltage approach (a) or noise-

voltage approach (b) there is no improvement visible at frequencies from 50-200Hz. For higher 
frequencies, 200-2000Hz, a consistent improvement of 10-20dB is present. The compensation based 
on displacement levels (c) shows an improvement of 5-10dB at low levels (below 80 Hz), while 
higher frequencies show less improvement (1-4dB). This behavior indicates that at lower 
frequencies a change in response is mainly dependent on displacement while at higher frequencies it 
is rather connected to voltage levels.  
 
2 A simple generated beat signal using kick drum, snare drum and hihat samples in a 4/4 signature standard 
beat accompanied by a simple increasing bass line. 
3 The music test signal was chosen such that it contained strong low frequency content, dynamic changes 
and a broad frequency spectrum 
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4. Discussion  
The presented approach compensates a nonlinear loudspeaker system using level dependent 

changes in the linear transfer function. Results show that such a compensation can improve a sound 
cancellation system by several dB on a broad range of frequencies. Experiments with other 
loudspeakers show similar results. The compensation was performed for 10 different voltage and 
displacement levels spanning a range of around 24dB. While the results show the compensation 
around one RMS voltage level (4-5 V), the measurements at other levels show similar results. 

The approach is rather simple and therefore limited. Especially if estimation and test signals have 
large spectral differences, the improvement from the compensation approach is small. This is 
assumed to be due to the dependency of nonlinear effects on multiple variables (e.g. current, 
displacement, etc.). A more sophisticated approach should be based on a compensation based on 
multiple variables. 

Distortion products have not been considered in the presented compensation. It should be noted 
that such artifacts compromise a sound field control strategy as has been discussed by Ma (7). Even 
though might not be the primary issue, they become more relevant the more the compression of the 
fundamental is compensated. 

The frequency resolution to calculate the compensation was 1Hz. The usage of a high resolution 
uncovers details and allows to compensate narrowband changes like resonance shifts. The effect of 
compression of the fundamental due to nonlinearities is expected to be similar for similar 
frequencies. Only looking at the compression of the fundamental, a coarse resolution might not only 
perform better but also limit the computational cost. 

Two of the discussed compensation methods are dependent on the RMS voltage of the signal. In 
section 2.1 it is argued that instead of current level the voltage level is used to calculate and apply 
the compensation due to their interconnection. The relation between current and voltage is 
dependent on the impedance. But the impedance changes with level (e.g. DC resistance or resonance 
frequency shift). The interconnection between voltage and current is therefore level dependent. 
Using the RMS current instead of RMS voltage might improve the compensation strategy. 

Addressing such limitations could further improve the presented compensation approach of 
nonlinearities in sound cancellation systems. 

5. Conclusion 
We showed that nonlinear effects in loudspeakers can be partly compensated by applying a level 

dependent linear compensation filter. A compensation approach based on a sweep test signal 
measured at different voltage levels was able to counterbalance the effect of (de-)compression on 
the excited frequency. The compensation was applied to different signals. For test signals with 
similar frequency content as the estimation signal, results show an improvement in sound 
cancellation of 10-20dB on average from 20-2000Hz. If test and estimation signal have different 
spectra the compensation approach shows only small improvements. 
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Abstract
Active noise cancellation (ANC) for headphones is an emerging field with growing interest in consumer ap-
plications. Developing such an ANC system involves modeling the system from measurements, designing the
algorithms and simulating the performance before building a real-time system. Modeling the system considers
the transfer functions between loudspeaker and microphones, called secondary and feedback paths, as well as
the relative transfer function between the microphones, called primary path. These paths are modeled with vary-
ing degrees of accuracy in the development process: From coarse physical models, e.g., with pure delay; over
measured paths under ideal conditions, called nominal; to considering uncertainty due to various operating con-
ditions. However, very few measured paths of ANC headphones publically available. Hence, this publication
describes an alongside published database containing two measurement sets of the Bose QC20 in-ear headphone
without ANC electronics. The first set contains primary, secondary and feedback paths of 23 subjects measured
in an acoustic booth. The second set contains primary paths measured for equally distributed directions on a
horizontal plane acquired in a semi-anechoic chamber with a dummy head. The database can be used to consider
inter-person differences and direction-of-arrival dependency in algorithm design and simulation.
Keywords: Active Noise Control, Active Noise Cancellation, ANC, Acoustic Paths, Database

1 INTRODUCTION
Real-world audio signal processing problems are usually very complex. They are depending on the acoustic
front-end, e.g. a specific headphone design, and often involve time-varying acoustic conditions. Thus, various
simplifying steps are made during the development of audio signal processing algorithms. For the development
of an ANC system a four step approach, which might be applied recursively, is suggested by Elliott [3]:

1. Simulation by using simplified analytical models

2. Simulation with measured acoustic paths under ideal control conditions, i.e. only nominal paths.

3. Simulation with measured acoustic paths under a variety of operating conditions, i.e. perturbed paths
including deviations from nominal path.

4. Implementation of a real-time system and testing under all conditions, to verify predicted behaviour.

The different steps from 1. to 4. involve increasing complexity and they step by step lead to a real-time system.
In ANC publications, often very simple and unrealistic system models are used, such as unit delays. They might
be adequate for explaining certain behaviours, but are certainly not useful for demonstrating real performance. At
the same time very few measurements of actual ANC transmission paths are publically available. This gap is
addressed by our publication, which describes a database containing a large number of measurements with a
Bose QC20 ANC headphone without ANC electronic, both with human subjects and a dummy head.
The database is named IKS Paths for Active Noise Cancellation Development And Research (iks | PANDAR) and
available under http://iks.rwth-aachen.de/PANDAR/. Before describing the measurement setups, the results
and the database structure, a short background in ANC is given in the following section.

2 ANC BACKGROUND
To actively attenuate an acoustic disturbance signal, an ANC system creates a control signal which is emitted by
a loudspeaker. This control signal destructively interferes with the disturbance signal. To acquire information
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about the disturbance, an ANC headphone typically contains an outer microphone, recording the outer disturbance,
and an inner microphone capturing the signals within the ear canal. When using only the outer microphone
signal, the system is called a feedforward systems [3]. When only the inner microphone is used, the system
is called a feedback system. Fig. 1a gives an overview of an the underlying signal processing aspects for an
in-ear headphone. The illustration shows a combined feedforward-feedback approach. On the acoustic side,

(a) Structure.

P(z) +

G(z)

+ F(z)

W (z) + K(z)

x(n) d(n) e(n)

yw(n) yk(n)

y(n)

a′(n)

(b) Discrete model.

Figure 1. ANC headphones structure and discrete model.

three transmission paths are of interest: the primary path P(z) (outer to inner microphone), the secondary path
G(z) (speaker to inner microphone) and the acoustic feedback path F(z) (speaker to outer microphone). Fig. 1a
only illustrates the acoustic components of these transmission paths for the sake of readability. The detailed
components are outlined in the next section and shown in Fig. 2. On the electronic side, the control signal y(n)
is a combination of the feedforward control signal yw(n) and the feedback control signal yk(n). yw(n) is created
by filtering the outer disturbance signal x(n), acquired by the outer microphone, with the feedforward filter W (z).
yk(n) is acquired by filtering the error signal e(n), acquired by the inner microphone, with the feedback filter
(also known as feedback controller) K(z). A desired audio signal a(n), e.g. a music or a telephone signal, can
also be inserted into the control signal. It might require additional prefiltering Wa(z) to account for loudspeaker
characteristic and influence of the feedback control. From this, the discrete model in Fig. 1b can be deduced for
the filter design. Without loss of generalization we assume a(n) = 0. Based on the model, the overall transfer
function from x(n) to e(n) is

E(z)
X(z)

=
P(z)−G(z)W (z) 1

1+F(z)W (z)

1+G(z)K(z) 1
1+F(z)W (z)

F(z)≈0
≈ =

P(z)−G(z)W (z)
1+G(z)K(z)

, (1)

with assuming the acoustic feedback path can be neglected (F(z)≈ 0) for the headphone applications. Then, the

ideal feedforward controller for E(z) !
= 0 is given by W0(z) =

P(z)
G(z) . More details on the digital implementation

of W0(z) is, e.g., given in [4] or [6]. This time-invariant approach offers compromised performance when the
real P(z) and G(z) deviate from the nominal paths used in the design. The deviation is known as uncertainty.
Therefore, time-variant methods which adapt to the current situation are getting increased interest in recent years.
Feedback control requires more sophisticated methods, which explicitly consider the stability of the feedback loop
in the presence of uncertainty about the acoustics of G(z). One example is the H∞-optimization as published in
[7].
In general, all design methods require good knowledge about P(z), G(z) and F(z). This includes the nominal
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case, but also the uncertainty due to varying acoustic conditions. Especially for evaluating new algorithms it is
crucial to have an accurate simulation of a real ANC system.

3 MEASUREMENT METHODS
For measurements of the secondary path G(z) and the acoustic feedback F(z), the inner loudspeaker is emitting
an excitation signal y(n). For the primary path P(z) an external sound source yext(n) is necessary, as P(z) is the
relative path between the inner and the outer microphone. Practically, two individual paths from the external
speaker to the inner and outer microphone are measured: Qin(z) and Qout(z). They are later related to each other.
An overview of all paths is given in Fig. 2. The acoustic component of each path is denoted by ∗A.

Figure 2. Transfer function components and measurement structure.

For the filter design, the primary path P(z) is the transfer function between the digital outer disturbance and
error signals, x(n) and e(n). It represents the passive attenuation of the headphone, however, is influenced by the
microphone characteristics Hmic,in(z) and Hmic,out(z), yielding

P(z) =
Qin(z)
Qout(z)

=
HDAC(z)Hspk,ext(z)Qin,A(z)Hmic,in(z)HADC(z)

HDAC(z)Hspk,ext(z)Qout,A(z)Hmic,out(z)HADC(z)
=

Hmic,in(z)
Hmic,out(z)

· Qin,A(z)
Qout,A(z)

(2)

=
Hmic,in(z)
Hmic,out(z)

·PA(z). (3)

Thus, the primary path for the filter design P(z) includes the acoustic component of the primary path PA(z) and
the ratio between the two microphone characteristics, Hmic,in(z) and Hmic,out(z). The analog-to-digital (AD) and
digital-to-analog (DA) converters are each assumed to have identical characteristics for all channels, HADC(z) and
HDAC(z).
The secondary path G(z) is the transfer function between the control signal y(n) and the error signal e(n). It
describes the influence of the control signal on the residual inside the ear canal, as

G(z) = HDAC(z) ·Hspk(z) ·GA(z) ·Hmic,in(z) ·HADC(z) (4)
= HEB(z) ·GAF(z), (5)

with the electronic backend GEB(z) = HDAC(z) ·HADC(z) and the acoustic front-end GAF(z) = Hspk(z) ·GA(z) ·
Hmic,in(z). HADC(z) and HDAC(z) contain the influence of the AD/DA converters as well as the necessary
anti-aliasing filters.
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The acoustic feedback path F(z) is similarily defined as

F(z) = HDAC(z) ·Hspk(z) ·FA(z) ·Hmic,out(z) ·HADC(z) (6)
= HEB(z) ·FAF(z). (7)

It describes the leakage of the control signal to the outer microphone. The acoustic feedback needs to be
considered for the design of a feedforward filter, when not sufficiently small due to bad design of the acoustic
front-end.

3.1 Measurement Setups
The acoustic paths within this database were acquired in two different setups visualized in Fig. 3.

(a) In Acoustic Booth. (b) In Semi-Anechoic Chamber.

Figure 3. The two measurement setups.

Acoustic Booth The first setup, is an acoustic booth used for listening tests (STUDIOBOX Premium). P(z),
G(z) and F(z) were measured during a listening test to evaluate the subjective performance of an active occlusion
cancellation system [5]. The booth has an average attenuation from outside to inside of 44 dB. Its main purpose
is to provide an acoustically isolated listening environment with a low reverberation time. It is not designed
for free-field measurements and thus suffers from reflections visible in the primary paths later. However, the
benefit of this dataset is the availibility of associated sets of P(z), G(z) and F(z) for 23 persons (left and right
side). Additionally, two handling cases were measured, including the situation open ("lying on the table") and
closed ("closing the sound outlet"). Both were measured twice for both ears, resulting in four measurements
of each case. The measurements were performed with a dSPACE DS1005 real-time system with DS2004 and
DS2102 AD/DA-extension boards. A reference measurement of this backend is part of the database, as described
in Sec. 4.1. The sampling rate for the these measurements is fs = 48kHz and the impulse responses has 194400
samples measured with a 4.05 s long logarithmic sweep signal.

Semi-Anechoic Chamber Due to the large impact of reflections on the primary path measurements, a second
dataset is included in this database. The second measurement set was originally acquired in a semi-anechoic
chamber for an investigation of direction-of-arrival dependency of ANC systems [6]. The chamber has a concrete
floor with a well-defined reflection. Apart from this floor reflection, it offers acoustic free field conditions above
100 Hz for acoustic measurements. The headphones were inserted into a Head Acoustics dummy head with
integrated acoustic ear simulator (HMS II.3 with 6460 MFE VI amplifier, HEAD Acoustics GmbH, Herzogenrath,
Germany). The headphone microphone signals were recorded with an RME soundcard to deduce P(z). The
database contains measurements for 72 different directions starting from a frontal position and with 5◦ resolution
on horizontal plane. The sampling rate is fs = 48kHz and the impulse responses have 131072 samples measured
with a 2.731 s long logarithmic sweep signal, each. In a separate step, but with the same fitting, G(z) and F(z)
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were acquired with the dSPACE DS1005 real-time system. Here the impulse responses have 194400 samples
measured with a 4.05 s long logarithmic sweep signal.
The external speaker for both cases was a Neumann KH120A (linear magnitude spectrum from 52 Hz to 21 kHz
± 3 dB). In both cases, the measurement system was placed outside the acoustic booth to minimize ambient
noise.

3.2 Processing
The excitation signal was a logarithmic sweep. For the measurements in the semi-anechoic chamber as well
as the post-processing the open source ITA Toolbox [2, 1] was used, which is developed at the Institute of
Technical Acoustics, RWTH Aachen University. The database contains the unprocessed transfer functions, which
only have been divided by the spectra of the excitation signals. For the visualization, the transfer function were
postprocessed with a Hann window in the time domain. The cutoff times are indicated with the individual
transfer functions in the later sections.

3.3 Tagging
The measurements are separated into use cases and handling cases, as the headphone might only require to
provide performance while worn by the user. The use case measurements are additionally labeled based on the
fitting of the headphone. The labels were chosen as normal-fit, slightly-loose-fit and loose-fit by observing the
magnitude of the secondary paths at 90 Hz. The bounds were heuristically chosen to [∞,0.8dB], [0.8dB,−5dB]
and [−5dB,−∞], based on the air leakage of the ear canal cavity. Handling cases include the situation open
("lying on the table") and closed ("closing the sound outlet").

4 MEASUREMENTS
In the following section, the measurements included in the database are visualized and described. All magnitude
and phase responses were individually smoothed by 1/24th octave band smoothing filter for visualization.

4.1 Electronic Back-End
Fig. 4 shows the magnitude and phase the backend for three different configurations. The dSPACE DS1005
real-time system with DS2004 and DS2102 extension boards by itself has a latency of 1 sample at 48 kHz
(roughly 20.8 µs), shown as ( ). The microphones require a DC bias voltage, which needs to be removed
by a low-cut filter, visible by ( ). In our system it is realized as a digital first-order IIR filter. Also, the
system uses succesive approximation register (SAR) converters, which require a dedicated analog anti-aliasing
filter (AAF), shown by ( ). The preamplification and the DC bias voltage for the microphones were provided
by a RME Micstasy preamplifier (preamp), shown by ( ). The system was used with the last configuration
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Figure 4. Measurements of the electronic backend.
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(a) Secondary Path G(z).

20 40 60 100 200 400 1k 2k 4k 6k 10k 20k
−120
−100
−80
−60
−40

mean persons open
closed dummy

20 40 60 100 200 400 1k 2k 4k 6k 10k 20k
−180
−90

0
90

180

mean

Frequency [Hz]

(b) Acoustic Feedback Path F(z).

Figure 5. Measurements of the secondary and acoustic feedback paths.

with low-cut, AAF and preamplifier. The complete system has a latency of roughly 37 µs, increasing towards
low frequencies due to the low-cut. The reference measurements are provided to allow for correction of the
electronic backend in the secondary and the acoustic feedback path. This can be realized by simple spectral
division. The following transfer functions still contain the electronic backend and thus show G(z) instead of
GA(z) and F(z) instead of FA(z).

4.2 Secondary Paths
The different secondary paths are shown in Fig. 5a. The impulse responses were processed with a one-sided
Hann window starting after 150 ms and ending at 160 ms. From the acoustic booth measurements the different
persons with various fittings ( ) as well as the handling cases closed ( ) and open ( ) are shown. The
complex mean ( ) considers all these measurements. Additional to that, the dummy head measurements ( )
from the setup in the semi-anechoic chamber are shown for comparison.
One can clearly see that the sound pressure provided by the speaker at low frequencies depends on the fitting.
The larger the leakage of the headphone is, the less energy can be emitted at frequencies below 1 kHz. Directly
closing the sound outlet of the headphone on the other hand allows for high energies at low frequencies. It also
creates a resonance shift from 4 kHz to 3 kHz. This uncertainty in G(z) poses a challenge for feedback and
feedforward filter design.

4.3 Acoustic Feedback Paths
The different acoustic feedback paths are shown in Fig. 5b. The measurements were very noisy, as the acoustic
feedback is relatively low in the Bose QC20. Higher sound pressure levels (SPL) of the excitation signal should
be avoided to avoid harming the human subjects and avoiding to damage the speaker. Therefore, the impulse
responses were processed with a very short one-sided Hann window starting after 4.5 ms and ending at 5 ms.
Due to the short window size only frequencies above f = 1/(5ms) = 200Hz contain relevant information.

4.4 Primary Paths
The primary path measurements are visualized in Fig. 6a for the acoustic booth and in Fig. 6b for the semi-
anechoic chamber. The impulse responses were processed with a one-sided Hann window starting after 150 ms
and ending at 160 ms. In general, both measurements show the expected low pass characteristic of P(z) with
varying cut-off frequency between 200 and 600 Hz for all but the open case. The open ( ) and closed ( )
case in Fig. 6a reveal that these cases need to be considered carefully, as they include a large amount of noise.
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(a) Primary Path (Booth).
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Figure 6. Measurements of the primary paths.

Before being used, they might require additional smoothing.
Fig. 6b, also reveals one issue with the complex mean ( ) value at high frequenices. When the phase is
becoming very uncertain at high frequencies, the complex mean results in non-intuitive results [8]. One possible
solution is to calculate a separate mean on magnitude and phase ( ), which requires phase unwrapping. This
is especially difficult in the presence of notches in the magnitude spectrum, which lead to discontinuities in the
phase (e.g. Fig. 6a around 600 Hz for open ( )). A robust solution still needs to be proposed for this problem.

5 DATA FORMAT AND ACCESS

PANCACE database Bose QC20

acoustic_booth

handling (4 files)

persons (23 files)

anechoic_chamber

primary (72 files)

secondary+afb (1 file)

electronic_backend (1 file)

(a) Folder structure.

ans

.ITA_TOOLBOX_AUDIO_OBJECT

.comment

.domain (’freq’ or ’time’)

.data (datapoints x nChannels)

.samplingRate

.channelNames

.userData

...

(b) Data struct
(ans=load(file,'-mat')).

ans

... same as struct ...

.freqData (nBins x nChannels)

.freqVector (nBins x 1)

.timeData (nSamples x nChannels)

.timeVector (nSamples x 1)

.nBins

.nSamples

...

(c) ITA object
(ans=ita_read_ita(file))

Figure 7. Data structure.

Fig. 7 visualizes the structure of the database. On the left (Fig. 7a), the folder tree is shown, indicating where to
find the different measurement files. The middle (Fig. 7b) gives a hint on the MATLAB struct, when loading the
file via load(file,'-mat'). The file contains a MATLAB struct named .ITA_TOOLBOX_AUDIO_OBJECT.
The data is accessible via .data and is represented either as real time domain data or as complex one-sided

4332



frequency domain data, indicated by the .domain entry. It contains various additional metadata, including
.comment, .channelNames, .userData, .samplingRate, etc. Without using the ITA toolbox, it is possible
to extract the data, based on the .data and .domain entries. When using the native ITA toolbox command
ita_read_ita(file), this struct is directly converted into an itaAudio object. Some of the additional fields
are shown in Fig. 7c. The ITA toolbox offers a more convient interface, e.g. by automatically transforming
between time and frequency domain depending on the requested output. Furthermore, the ITA toolbox offers
various powerful visualization and post-processing tools, including spectral inversion with regularization, time
domain windowing, smoothing functions, system identification, etc.

6 CONCLUSIONS
This paper describes the iks | PANDAR database, which contains measured paths for filter design, system
simulation and evaluation of ANC algorithms. It offers 46 primary, secondary and acoustic feedback path
measurements from human subjects, 8 path measurements of handling cases, as well as primary path measure-
ments for a dummy head for 72 different directions, with the associated secondary and acoustic feedback path.
Reference measurements of the electronic backend are also included. The database is available for download
under http://iks.rwth-aachen.de/PANDAR/.
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 Construction of IIR filter for adaptive noise control system of boat 
noise reduction 

Haruki FUKATSU1; Kenji MUTO2 
Shibaura Institute of Technology, Japan 

ABSTRACT 
Noise from boats is often loud and can reach apartments or the offices located near Tokyo’s canals. The aim 
of this research is to create quiet spaces in buildings using a sound damping system with adaptive noise 
control. This system does not use a reference microphone because there is sometimes no place to put it outside 
a window. We propose a tap length for an infinite impulse response (IIR) filter as an adaptive noise control 
system for reducing boat noise. In this paper, we analyzed the characteristics of boat noise as well as the 
adaptive damping filter. We investigated the step size and the tap numbers of the IIR filter to improve the 
performance of the adaptive noise control system with a digital signal processor. The results showed that boat 
noise is composed of a peak frequency and some other dominant frequencies caused by the boat engine which 
produces long continuous noise. We therefore designed the IIR filter to adapt to these frequencies. As a result, 
the system effectively reduced boat noise in a computer simulation. 
 
Keywords: Adaptive noise control, Boat noise, Digital signal processor, Noise investigation 

1. INTRODUCTION 
The sound of the boats is perceived as annoying to the occupants of buildings located near a canal 

[1]. Many boats travel along canals from morning to night and may include tugboats, pleasure boats, 
fishing boats, houseboats, and others. The cause of boat noise is the boat’s engine, which emits a low 
frequency sound. It would be natural to assume that reducing boat noise will improve the quality of 
life for people living and working near canals. 

We speculated that adaptive noise control would be effective for reducing boat noise because of 
the low-frequency sound emitted by boat engines. Commercially available noise canceling earphones 
and headphones use such adaptive noise control. These devices are capable of providing planar noise 
control that covers some limited spaces; a few products can even cover an entire room. Shimitsu et al. 
performed adaptive noise control simulations of noise in a ship’s cabin. A finite impulse response 
(FIR) adaptive noise control simulation was conducted to determine the usefulness of the adaptive 
noise control system [2]. However, such a system has not been tested in a real-world situation. In 
addition, the system was limited to controlling noise inside the cabin but not sound emitted from the 
ship toward the surrounding environment. Murao et al. studied spatial control of noise using active 
acoustic shielding, which consists of a small noise-controlling speaker that uses wave interference [3]. 
The system is incorporated into a window of the room and can be used as a window vent, but its 
presence blocks the view out of the window. 

In this study, we propose a tap length suitable for an infinite impulse response (IIR) filter using as 
an adaptive noise control system for reducing boat noise. This system does not use a reference 
microphone because there is no place to put it. We consider IIR system to perform more effectively 
than the FIR system because of the low-frequency sound emitted by boats. In this report, in order to 
confirm the effectiveness of the adaptive noise system, we examined the characteristics of boat noise 
and conducted a computer simulation that showed the filter length of the IIR adaptive filter is effective 
in reducing boat noise inside a room. 

                                                        
1ma19071@shibaura-it.ac.jp 
2k-muto@shibaura-it.ac.jp 
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2. IIR ADAPTIVE FILTER COMPUTER SIMULATION  

2.1  METHOD 
We used the IIR adaptive noise control system to reduce boat noise. In order to examine IIR 

adaptive noise control by computer simulation, the effectiveness of individual tap lengths to reduce 
boat noise was evaluated on a trial-and-error basis. IIR adaptive noise control is used to conduct 
experiments in places where a reference microphone cannot be used. The of noise reduction level 
depends on the accuracy of the calculation. The tap length is the number of filter coefficients. By 
changing the tap length, the accuracy and speed of the operation can also be changed. The noise 
reduction level according to tap length, frequency, and type of boat were found in the frequency and 
time domains. The target value of the noise reduction level was set to 75 dB or less in the dominant 
frequency. The sound insulation of windows used in houses was determined based on the JIS standard. 
There is a 10-dB reduction at the frequency of boat noise penetrating windows with the lowest sound 
insulation. The maxium achievable noise reduction value is considered to be about 65 dB, which 
includes the effect of the window as a damping material.  

The IIR filter used a least mean squares algorithm [4]. The filter update equation for the IIR filter 
coefficient U(n)=[ ] is  

,  

where time is n, the tap length of the IIR filter of adaptive filter is L, and the step size is ν. The error 

signal is e(n) and the output signal of the IIR filter is y(n)= [ ]  

, 
, 

where the desired signal was d(n). 

2.2 SIMULATION CONDITIONS 
A tap length suitable for boat noise was proposed for the IIR adaptive noise control system. To 

determine the most effective tap length, the level of noise reduction according to tap length was 
analyzed using tugboat noise at the highest sound pressure level. Step size ν was 1.0 × 10−13, sampling 
frequency was 48 kHz, and the tap lengths of the feedback section were 2, 4, 6, 8, 10, 12, 14, 16, 20, 
24, 30, and 36. We examined the difference in noise reduction level for each tap length. The frequency 
response was analyzed according to the tap length. 

Next, computer simulations of IIR adaptive noise control were performed for tugboats, pleasure 
boats, houseboat, and fishing boats using the optimal tap lengths determined from the examination. 
Step size ν was 1.0 × 10−12 and sampling frequency was 48 kHz. For each boat, the level of noise 
reduction in the frequency and time domains was measured. The cruising boat was excluded because 
its peak sound pressure level was less than 70 dB. 

2.3 BOAT NOISE USED FOR EXPERIMENTS 
The boat noises used in the simulations were audio of boat passes recorded near a canal made on 

March 16, 2015 from the veranda of a room on the 10th floor of an apartment building. Recordings 
were made of tugboats, pleasure boats, houseboats, fishing boats, and cruising boats. Boat noise has 
high signal strength in the lower frequency range due to the periodic nature of the sound generated 
from the boat engine. Figure 1 shows the frequency characteristics of tugboats, pleasure boats, and 
houseboats. Figure 2 shows the frequency characteristics of fishing boats and cruising boats.  
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Figure 1. Frequency characteristics of 

tugboats, pleasure boats, and houseboats. 

 
Figure 2. Frequency characteristics of 

fishing boats and cruising boats 
 

3. RESULTS 
To obtain an effective tap length for IIR adaptive noise control by computer simulation, tap lengths 

were examined. Figure 3 shows the noise reduction level for each tap length of the IIR adaptive filter. 
For tap lengths of 2 and 36, there was a noise reduction of 8 and 14 dB, respectively. The noise 
reduction level increased according to increase in tap length. Figure 4 shows the frequency analysis 
results for each tap length of the IIR adaptive filter. The signal before noise control was activated is 
the original sound pressure level, and the signal after noise control was activated shows the signal 
corresponding to tap lengths of 20, 24, 30, and 36. There were differences in the corresponding 
dominant frequencies due to differences in tap length. From these results, a tap length of 30was 
considered to be appropriate for boat noise because when the sound of the tugboat used  in the research 
was 85 dB, a tap length of 30 was well below the target value of 65 dB or less. We attempted to 
minimize both the tap length and computational noise level. We applied a tap length of 30 and 
observed the noise reduction level for each boat. Figures 5–12 show frequency characteristics and 
noise reduction levels before and after activation of adaptive noise control for each type of boat.  The 
system was able to reduce the noise of tugboats, pleasure boats, houseboats, and fishing boats by 14, 
16, 18, and 16 dB respectively. The adaptive noise control signal converged in 0.1 s. As a result, the 
reduction target value of 70 dB was reached for each type of boat.  
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Figure 3. Noise reduction level for tap lengths 

2–36  

 
Figure 4. Frequency characteristics for each tap lengths 20–36 

 
 
 

 
 
 
 
 
 
 

Figure 5. Frequency characteristics of 

tugboat noise 

Figure 6. Noise reduction levels before 

and after adaptive noise control for 

tugboat noise 
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4. Conclusion 
Computer simulations were performed to check whether the IIR adaptive filter could adapt to boat 

noise. Frequency analyses were performed to reduce the boat noise. In addition, the performance 
according to tap length of the IIR filter was confirmed to correspond to the dominant frequency of the 
boat noise, meaning that the boat noise was a sound emitted at a low frequency with a small number 
of dominant frequencies. The noise reduction level increased as the tap length increased. We 

Figure 7. Frequency characteristics of 

pleasure boat noise 

Figure 8. Noise reduction levels before 

and after adaptive noise control for 

pleasure boat noise 

Figure 9. Frequency characteristics of 

houseboat noise 
Figure 10. Noise reduction before and 

after adaptive noise control for houseboat 

noise 

Figure 11. Frequency characteristics of 

fishing boat noise 

Figure 12. Noise reduction level before 

and after adaptive noise control for fishing 

boat noise 
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considered that a tap length of 30 was effective for reducing boat noise. According to the results of 
computer simulation, the noise four types of boat could be reduced to the target value of 75 dB or less. 
Based on these results, we can conclude that IIR adaptive noise control is effective for reducing boat 
noise. 
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ABSTRACT 
Strong insulation in modern buildings and housing requires efficient ventilation systems. A popular solution 
is a decentralized system with one ventilation unit per room, but the noise emitted by such a unit then has a 
major impact on the comfort. In this research, it is intended to equip an existing ventilation unit with an active 
noise control (ANC) system to reduce its low-frequency noise emissions. The ANC system will be hosted in 
an additional duct deporting the air inlet aperture approximately one meter away from its original position. 
The one-channel feedforward ANC system has a reference microphone located between the fan and the 
anti-noise loudspeaker and an error microphone at the duct’s end. The transfer functions have been computed 
by a 3D FEM solver, between the fan and several reference and error microphone locations. Several 
combinations of reference/error microphone positions were then tested regarding the possible active 
attenuation of a white noise emitted by the primary source. Optimal control by the ANC controller was 
assumed, the optimal filter being computed with the help of the corresponding transfer functions. Theoretical 
attenuations were obtained and optimal positions were finally defined for the two microphones of the ANC 
system. The first results are finally discussed in this paper and raise some questions regarding the influence of 
the noise spectrum on the attenuations obtained. 
 
Keywords: 3D FEM, Active noise control, feedforward ANC 

1. INTRODUCTION 
Todays’ new standards in buildings require eco-friendly ventilation systems delivering fresh air in 

quiescent places. The noise level emitted by these ventilation systems is therefore a key point in the 
selection of the system. An objective of the Silenthalpic research project is to reduce the noise emitted 
by a decentralized system, using passive as well as active techniques. 

 

 
Figure 1 – Principle of a decentralized ventilation system 

 
Decentralized systems are units composed of a casing containing one or two fans, a heat exchanger, 

filters and control electronics. The whole setup is installed at the top of a window or simply against a 
wall with two drilled holes. A schematic representation of the system is shown in Figure 1. In a 
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double-flux system, the two fans operate at the same time, enforcing the expected air flow rate of fresh 
and waste air. As the solution is decentralized, fans are in the actual living rooms and the noise 
generated must be limited. 

The acoustic improvements of the design require a deep understanding of the noise sources 
characteristics and the acoustic transmission properties of the different components of the ventilation 
unit. In this respect, a numerical acoustic model of the ventilation unit was built which allows to 
compute the whole pressure field (spatial and frequency dependence) inside the unit. This model will 
be described in section 2. In particular, it will provide access to the acoustic transfer functions between 
single point sources located at the fan positions and any pre-defined microphone location. 

Active noise control (ANC) solutions consist in the generation of secondary sound waves 
interfering negatively with the primary noise in order to reduce its amplitude in a given region of space 
(1). One of the most classical and efficient ANC method to reduce fan noise is the one -channel or 
multichannel feedforward control in a duct (1,2). This method is of course directly applicable in  a 
centralized ventilation system, but not in a decentralized one in which the propagation paths followed 
by the emitted waves inside the unit are too complex. Also, the space available inside the unit for a 
feedforward ANC system is much too restricted. 

 

 
Figure 2 – Front face of the ventilation unit (initial configuration) 

 
Figure 2 shows a picture of the front face of the ventilation unit in its initial configuration. A 

preliminary acoustic diagnosis of this module has revealed that the most significant  noise source was 
the stale air extraction aperture situated on the right, in front of the microphone in figure 2. It was 
therefore decided to install an additional component to the unit, consisting of a duct deporting the air 
inlet aperture to the left and including the ANC system. A one-channel feedforward controller will be 
implemented inside the duct, with a reference microphone close to the initial air aperture, a control 
loudspeaker as secondary source and an error microphone close to the new deported aperture. 

 

Figure 3 – Schematic internal view of the additional duct 

 
Figure 3 is a schematic internal view of this additional duct in which the front face of the unit will 

Deported air inlet aperture 

Control loudspeaker 
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be embedded. The total length of the duct (1.1m) allows a sufficient propagation delay between the 
reference microphone and the control source, leaving enough time for the controller to compute the 
anti-noise signal. Also, the cross-section dimensions insure that mostly plane waves propagate inside 
the duct at frequencies smaller than 1.2 kHz, justifying the choice of a one-channel ANC system.  

2. NUMERICAL ACOUSTIC MODELLING OF THE VENTILATION UNIT AND 
COMPUTATION OF THE TRANSFER FUNCTIONS 

The location of the reference microphone, the control loudspeaker and the error microphone may 
have an important effect on the performance of the feedforward ANC system. Acoustic simulation can 
be used to evaluate the transfer functions between the primary and secondary sources on one hand, and 
many virtual microphone locations on the other hand. This allows to determine the positions of the 
reference and error microphones leading to the best efficiency of the ANC system. This section 
describes the numerical modelling of the ventilation unit used to compute such transfer functions. 

Acoustic simulations are performed using Actran, a finite element-based modelling software 
developed by Free Field Technologies. Starting from a CAD (Computer Aided Design) geometry of 
the ventilation unit and the additional duct, the air volumes inside the module and the duct are meshed 
using linear tetrahedral elements. The Figure 4 below shows the cavities mesh (inner air volumes) 
created from a CAD geometry.  
 

Figure 4 - Inner air volumes in numerical model 
 

Additionally, a part of the air around the whole system is meshed on both sides of the system and 
non-reflective boundary conditions are defined to model free-field propagation. Acoustic waves then 
are free to propagate outside of the system through ventilation module’s apertures towards exterior 
side and the duct’s aperture towards interior side. The structural parts are not modelled, which means 
that inner air domains’ boundaries are assumed to be purely reflective (equivalent to rigid walls). No 
damping is considered. Property of fluid domains is air at atmospheric pressure and ambient 
temperature (340m/s for speed of sound, 1.225kg/m³ for the density). The elements of the mesh are 
sufficiently small to ensure an accurate numerical computation of the acoustic transfer functions up to 
1 kHz. 

The primary source is modeled by a monopole source with unitary amplitude which generates 1 
Pascal at 1 meter. Flow-induced noise is not taken into account in the model.The primary source can 
alternatively be located at one of the two fans’ positions.  The control loudspeaker excitation is 
modeled using a unitary acoustic velocity boundary condition. Three loudspeaker positions are 
assessed (see Figure 5). Such modelling of the excitations is appropriate for acoustic transfer function 
computation, knowing that plane waves propagate in the module and the ANC duct at the frequencies 
of interest. 

A grid of virtual microphones is then defined in the ANC duct volume to compute the transfer 
functions between the sources and multiple locations of potential reference and error microphones.  

Virtual microphones are also added near the duct aperture and in the far field (Figure 7). 
Microphones in the far field are used to evaluate the efficiency of the ANC system not only at the error 
microphone, but also at remote distance from the module. 

 
  

Bottom view 
Module walls 
Not modeled 

Duct walls 
Not modeled 

Module air cavity 

ANC Duct air 
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Figure 7 – Far-field microphones 
 

The real and imaginary part of the pressure is computed up to 1kHz at each virtual microphone and 
for all load cases (primary sources and loudspeaker). As unitary values are set for the excitations, such 
pressure results correspond to the acoustic transfer functions between source and microphone and they 
can be used to calibrate the ANC module. 
 

 
 

 
 

 
 

Figure 5 - Primary source position and secondary source positions 

Top view Front view (interior side) 

Figure 6 - Grid of virtual microphones in duct 

Figure 8 - Example of acoustic transfer function provided 

Loudspeaker tested positions  

Possible primary source 
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3. SIMULATION OF OPTIMAL ACTIVE NOISE CONTROL 

3.1 Method 
It is intended in the Silenthalpic research project to implement and test a feedforward one-channel 

ANC system inside the additional duct shown in Figure 3.  The performance of such system depends 
particularly on the positions of the two microphones (reference and error microphones) and the control 
loudspeaker (1). As mentioned in the previous section, these positions could be optimized by the 
application of a model of the pressure fields created by the fans and the control loudspeaker inside the 
duct. The optimized positions are those which minimize the absolute value of the total pressure at the 
error microphone. 

 
Figure 9 – Feedforward ANC system 

 
The pressure field generated by the control loudspeaker depends on the anti-noise signal computed 

by the controller. A model of the controller is therefore also necessary: in this study, the model of 
optimal control described by Nelson and Elliot (1) is used. In this model, the transfer function of the 
optimal controller is: 

 (1) 
 
In which Srd( ) is the cross-spectral density of the primary noise D( ) measured at the error 

microphone and the filtered-reference signal R( ), while Srr( ) is the power spectral density of R( ). 
The filtered-reference signal is the one measured at the reference microphone, filtered by the ‘error 
path’ C( ) simulating the transfer function between the control loudspeaker and the error microphone 
(1): see Figure 9. 

However, this model is in some way an ‘ideal’ case. In particular, the transfer function expressed by 
Eq.(1) could be non-causal. Nelson and Elliot (1) therefore suggest to design the optimal filter Hopt( ) 
in the time domain, as a causal FIR filter. The number of coefficients of this filter is a parameter of the 
method. Once again, the optimal controller is the one which minimizes the power of the signal at the 
error microphone. To simplify the search of the optimal FIR filter, the feedforward controller is 
assumed to exactly compensate the feedback effect of the control loudspeaker at the reference 
microphone (feedback noted F(z) in Figure 9). If the vector  represents the set of the FIR filter’s 
coefficients (h0, h1, …hK-1, size K) and the vector  (size K) is such that k is the expectation of the 
product (r[n]d[n+k]), then the optimal filter is defined in the time domain by (1): 

 (2) 
In this definition, r[n] is the filtered-reference signal, d[n] is the primary noise measured at the 

error microphone and R is a square matrix of size K² whose element Rki is the expectation of the 
product (r[n]r[n+|k-i|]). These elements can be evaluated if the signal at the reference microphone 
x[n] is a white noise. Indeed, according to the definition of r[n] which is the convolution of x[n] with 
the filter ck (representing the ‘error path’ C(z), size L): 

 (3) 

In Eq.3,  represents the power of the white noise x[n]. By the same way, if we define the filter pk 

Primary noise 
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(size L) as the propagation path between the reference and the error microphones, then: 

 (4) 

In the following, we can set  without loss of generality. The impulse response of the filters 
ck and pk will be evaluated from the transfer functions obtained with the numerical model described in 
section 2. Finally, Eq.2 gives the optimal filter and the minimized error signal is: 

 (5) 

3.2 Implementation 
In the numerical model, the pressure field has been computed on a grid of possible microphone 

positions, distributed in the interior volume of the duct (see section 2). In each cross-section of the duct 
(every 4cm along the duct’s axis), six or nine microphone positions are defined, leading to a total of 
228 possible microphone positions. Some of these positions were preferentially considered as ‘error’ 
microphone positions and others as ‘reference’ microphone positions. The pressure field is known at 
each point of this grid for a monopolar source situated at a fan position inside the ventilation unit and 
for the control loudspeaker. 

The ‘error path’ ck or C( ) is given by the pressure at the error microphone position, created by the 
control loudspeaker. The filter pk or P( ) is evaluated in the frequency domain by the ratio of the 
complex pressures generated by the monopolar source at the error and reference microphone positions.  
Indeed, the primary noise D( ) is (in the frequency domain) the product of the signal’s spectrum S  
and the transfer function TE( ) between the primary noise source and the error microphone. In the 
same way, the primary noise X( ) at the reference microphone is S .TR( ), where TR( ) is the transfer 
function between the primary noise source and the reference microphone. Therefore, we have that:  

 (6) 

Two problems must be solved before exploiting these filters in the computation of the optimal filter 
through eq.(2-5). The first problem is a too low spectral resolution for some transfer functions. As the 
numerical model has computed the complex pressure every 5 Hz (until 1 kHz), the impul se response 
obtained by IFFT is not longer than 200ms. For some transfer functions, this length is not sufficient, 
leading to significant time aliasing effects created during the IFFT operation. This first problem was 
solved by an interpolation to obtain a pressure value every 1 Hz (until 1 kHz), leading to impulse 
responses as long as 1s. Figure 10 shows the example of an impulse response truncated at 200ms (with 
time aliasing) and the same impulse response after spectral interpolation. 

 

 
Figure 10 – Impulse response obtained with a spectral resolution of 5 Hz (left) and 1 Hz (right).  

 
 

The second problem is that non-causal impulse responses are obtained by the inverse FFT of the 
complex pressures computed by the numerical model. This is also illustrated in Figure 10. To solve this 
problem, all the impulse responses (ck or pk) have been simply truncated at 500ms, removing the 
non-causal part. The effect of this simple solution has been analyzed in the frequency domain. Figure 
11 shows for example the effect of removing the non-causal part of the response of Figure 10: the most 
significant impact is to reduce the amplitude of the pressure close to the resonance frequencies.  
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Figure 11 – Amplitude and phase spectra of the non-causal (in blue) and causal (in orange) versions of 

the same impulse response. The causal version is obtained after truncation at 500ms.  
 

 

3.3 First results 
The optimal control has been tested for the error microphone situated at positions number 199 to 

228, in the vicinity of the new deported air inlet aperture. For each of these positions, the reference 
microphone was located at positions number 54 (the closest to the control loudspeaker) to 198 (the 
closest to the initial air aperture). A white noise spectrum is imposed to the pressure at the reference 
microphone, as in the procedure described in section 3.1. The attenuation obtained by the optimal 
controller at the error microphone is shown in Figure 12, as a function of both microphones’ positions. 
The attenuations are computed on the whole frequency interval between 62.5 Hz and 1 kHz. 

 

 
Figure 12 – Attenuation (dB) obtained at the error microphone by the optimal controller, for several 

pairs of error and reference microphone positions, referenced by their number (respectively ‘Err’ and 
‘Ref’). 

 
As shown in Figure 12, the attenuation is rather independent of the error microphone location  (at 

least among the selected possible positions). On the contrary, an optimum position emerges for the 
reference microphone, identified by the number ‘173’ which corresponds to a location close to the 
original air inlet aperture, in the upper part of the duct. An attenuation of more than 25 dB is predicted 

4346



 

 

at that position. 
As the reference microphone is moved closer to the control loudspeaker, then the attenuation 

obtained at the error microphone decreases substantially.  
We have also tested the influence of the primary noise spectrum on the controller’s performance. If 

a white noise spectrum is now imposed at the source (fan), this means that the spectrum at the 
reference microphone is no longer a white noise. Indeed, one must include in the simulation the 
acoustic transfer function between the fan and the reference microphone position. As a result, the 
attenuation obtained at the error microphone drops to less than 10 dB at the optimum position (which 
is still number ‘173’). At other positions, the attenuations obtained in this case also decrease.  

4. CONCLUSIONS 
This paper describes the use of a 3D-FEM numerical model of a decentralized ventilation unit to 

optimize the positions of sensors and actuators of a feedforward ANC system. The unit is equipped 
with an additional duct covering its original front face and hosting the microphones and control 
loudspeaker of the ANC system. 

The numerical model has been built with Actran to obtain the acoustic transfer functions between 
several pairs of source and microphone positions. These functions have been transformed by IFFT into 
impulse responses to simulate an optimal control strategy. 

The first results have shown the existence of an optimal position for the reference microphone, but 
the attenuations were rather independent from the error microphone’s position (restricted in a given 
zone around the air inlet aperture at the end of the duct). Also, the performance at the optimal position 
depends on the spectrum of the noise. 

These first results of course raise some questions which must be further analyzed. In particular, the 
non-causal component in the transfer function delivered by the numerical model should be avoided. 
Also, the definition of the filter P( ) as the ratio of the pressure spectra at two microphone positions is 
questionable, as this implies the application of a white noise spectrum at a location inside the duct  (at 
the reference microphone position) to compute the optimal filter. This is perhaps not the most 
appropriate method: a white noise or a real measured spectrum, including the pure tones emitted by the 
fan, directly applied at the fan position would perhaps be more realistic. 

ACKNOWLEDGEMENTS 
The authors would like to acknowledge the Walloon Region for the financial support of the research 

presented here, as part of the Silenthalpic project (C7711). 

REFERENCES 
1. Nelson PA, Elliott SJ. Active Control of Sound. Academic Press, London and USA:San Diego; 1992. 
2. Laugesen S. Active control of multi-modal propagation of tonal noise in ducts. Jnl Sound Vib. 

1996;195(1):33-56. 
  
 
 

4347



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

ACOUCOU Platform to Acquire Professional Skills and Knowledge 
in the Field of Acoustics. 

Karolina Jaruszewska1; Filip Barański1; Magdalena Piotrowska2; Manuel Melon3; Oliver Dazel3; 
Michael Vorländer4; Lukas Aspöck4; Marko Horvat5; Kristian Jambrošić5; Monika Rychtáriková6; 

Leopold Kritly6; Andreas Herweg7;     
1 KFB Acoustics, Poland 

2 edTech & SCIENCE, Poland 
3 LAUM UMR CNRS 6613, Le Mans Université, France 

4 Institute of Technical Acoustics, RWTH Aachen University, Germany 
5 University Zagreb, Faculty of Electrical Engineering and Computing, Zagreb, Croatia 

6 KU Leuven, Belgium 
7 Head Acoustics, Germany 

ABSTRACT 
Today, in the digital era, education must meet the needs and adapt to modern forms of knowledge 
transfer.  While this is often implemented in higher education programs (distance learning, OpenCourseWare 
platforms), vocational education and training seems to be the most traditional branch of education, especially 
in the field of specialized courses for engineers. Our goal is to create space for new, innovative and 
multidisciplinary approaches for teaching and e-learning acoustics (e.g., based on gamification, VR, or web 
simulators).  The ACOUCOU Platform (http://acoucou.org/) is a part of a strategy aimed at expanding and 
strengthening acoustic knowledge, supporting the development of innovative teaching methods based on 
attractive and effective delivery of content, services, teaching methodologies and practices at national and 
international levels. The form of materials and courses published on the Acoustic Courseware Platform are 
suitable to be used for self-learning as well as in blended learning, where an educator uses materials from 
platform to carry out training among employees/students. Technical, professional knowledge is usually 
presented as text including equations and technical drawings. Presenting it in a visually attractive form is 
more appealing and increases the motivation of the users. The visualization of phenomena simplifies the 
understanding of problems and makes it easy to acquire knowledge in similar, practical situations of an 
engineer’s work.  
 
Keywords: Education, Industrial Acoustics, Room Acoustics, Noise Awareness, Acoustical Engineering 

1. INTRODUCTION 
Constant changes in technology, development of the labor market and the emergence of new 

professions create new challenges for education. Nowadays, employers produce different expectations 
from professionals - the skillset should not anymore be considered as an ability to work with particular 
software or machines, since these assets change suddenly, it needs to focus on understanding and 
proficiency to learn and adapt to new conditions.  
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During their formal education, students need to be trained in problem solving, how to learn new 
skills, how to research, how to interact with new software and technologies. It is very hard to predict 
what are the relevant technologies in 20 years and what professions will be needed (1). Often, 
employers expect workers to master usage of particular software or machinery, while even 10 years 
after the graduation, possibly most of the taught technology is outdated. Companies face new 
challenges of providing extended training for their newly hired members of the team (2). Therefore, 
the role of professional organizations becomes more and more important in the course of education and 
life-long learning, especially in engineering.   

Recently, shortage of so-called STEM (science, technology, engineering and mathematics) workers 
including specialized engineers is widely reported (3, 4, 5, 6) and this situation occurs also in field of 
acoustics (7). 

Moreover, education must meet the needs and adapt to modern forms of knowledge transfer.  It's 
being implemented in higher education programs (distance learning, OCW platforms), but vocational 
education and training seems to be the most ossified branch of education, especially in the field of 
specialized courses for engineers. Our intent is to create space for new, innovative and 
multidisciplinary approaches to teaching and e-learning acoustics.  

The ACOUCOU Platform (8) is a part of a large, thought-out strategy aimed at expanding and 
strengthening acoustic knowledge, supporting the development of innovative teaching methods based 
on attractive and effective delivery of content, services, teaching methodologies and pract ices at 
national and international levels. It incorporates new technologies (e.g. gamification, VR, web 
simulator). The form of materials and courses published on the Acoustic Courseware Platform are 
suitable to be used for self-learning as well as in blended learning, where an educator uses materials 
from platform to carry out training among employees/students. More detailed description of 
ACOUCOU is provided in the subsequent section. Paragraph 3 discusses strategies utilized in 
ACOUCOU and final remarks and future development are summarized in paragraph 4. 

2. WHAT IS ACOUCOU? 
ACOUCOU is an online platform, where professionals, educators, students and other people 

interested in acoustics can find educational materials regarding various branches of acoustics. It is 
designed to serve as modern self-development tool for engineers as well as comprehensive solution for 
professional education in work environment. ACOUCOU has been developed by accomplished 
practitioners and scientists. It has been created as a space for new, innovative and multidisciplinary 
approaches to teaching and e-learning in field of acoustics.The main concept of ACOUCOU is to 
describe and visualize acoustic phenomena and to present acoustic knowledge in a practical way.  

Partnership ACOUCOU is based on essential partnerships. List of the contributors is presented in 
Tab. 1 and develops on each stage of the project. All together (universities and schools, business 
partners, educators) bring their expertise on essential level along with experience in education, which 
creates unique combination of knowledge, experience and awareness of needs.  

 
Table 1 – Partners involved in the ACOUCOU Platform 

No. Partner 

1 KFB Acoustics, Poland (9) 

2 Kahle Acoustics, Belgium (10) 

3 gfai tech, Germany (11) 

4 HEAD Acoustics, Germany (12) 

5 Jazzy Innovations, Poland (13) 

6 Laboratoire d'Acoustique de l'Université du Mans, France (14) 

7 Institute of Technical Acoustics, RWTH Aachen University, Germany (15) 

8 KU LEUVEN, Belgium (16) 

9 
University Zagreb, Faculty of Electrical Engineering and Computing, Zagreb, 

Croatia (17) 
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10 Wrocław University of Science and Technology, Poland (18) 

11 Slovak University of Technology, Slovakia (19) 

12 RUHR University Bochum, Germany (20) 
 
Multidisciplinary networking ACOUCOU provides also networking for a group of people with 

very diverse interests. Not only it addresses needs of education for various target groups (i.e. 
acousticians, architecture, engineering, EHS), but also brings together experts and professionals from 
all around the world. Creative team work on educational materials involves scientists, edTech 
enthusiasts and new technologies content producers. All these assets allow creating unique place for 
networking for universities and schools, business partners, educators and end users (Fig. 1).  

 

 
Figure 1 – ACOUCOU platform is created and aimed for an interdisciplinary team 

 
Various fields of acoustics ACOUCOU contains modules, which cover various fields of acoustics 

such as sound and vibration, psychoacoustics, hearing and room and theater acoustics. Lindsay’s 
Wheel of Acoustics (21) is presented in Fig. 2 and describes the scope of acoustics starting from the 
four broad fields of Engineering, Earth Sciences, Life Sciences, and the Arts.  

 Content is designated for different target groups i.e. acousticians, architecture, civil engineering, 
EHS specialization, mechanical engineering, electrical engineering, process  engineering, 
environmental engineering. ArAc introduces room acoustics of in context of architecture and design. 
Acoustic Course for Engineers (ACE) helps understanding the basic concepts of noise control in 
machinery and equipment. Acoustic Course for Industry (ACI) is a visual introduction to industrial 
acoustics including noise in environment and industry, impact of noise on human health and noise 
management. 
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Figure 2 – Branches of acoustics presented as Lindsay's Wheel of Acoustics (21) 

 
Visualizations Technical, professional knowledge is usually presented as text with formulas and 

technical drawings. Presenting it in a new, visually attractive form, it is certainly more interesting and 
address needs of engineers according to theories of learning (22). The visualization of 
phenomena leads to a better understanding of the discussed issues as well as it enables easy conversion 
of acquired knowledge into particular situations and problems encountered in an engineer’s work. The 
main idea was to simply describe and visualize acoustic phenomena and to present acoustic knowledge 
in a practical way. An example of the interactive visualization utilized in ACOUCOU is presented in 
Fig. 3. User can modify relationship between velocities in both media, and visualization changes 
according to these settings. According to learning theories, abstract conceptualization (generalizing 
and drawing conclusions from the experience). 
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Figure 3 – ACOUCOU Interactive visualization of the sound wave traveling between media (22) 
 
Hands-on simulation Theories of learning state that active experimentation is extremely important 

especially in field of engineering (24). Therefore ACOUCOU contains modules containing simulation 
based on real machines and measurements.  

 Technology Incorporating newest technologies, ACOUCOU offers interactive visualizations, 
videos and VR experiences. Users are attracted and motivated using new technologies (gamification, 
VR, Virtual Acoustics, multibook, web simulator). 

All of the issues discussed in this paragraph are explored by the ACOUCOU Team and result in the 
set of strategies, to provide space for learning and networking. Key points of the utilized approach are 
described in subsequent paragraphs. 

3. STRATEGIES 
Strategies incorporated in ACOUCOU are result of work of interdisciplinary team of experts in 

acoustics, educators, business partners and new technologies experts. Target groups representatives 
are also very important part of the creation process and their feedback is crucial to the final form of the 
products. 

3.1 Learning process 
ACOUCOU follows philosophy of experiential learning, where both, theoretical and practical 

approach supplement each other (25). Experiential learning perceives knowledge as created through 
the transformation of experience Kolb’s popular experiential learning cycle describes four stages of 
the learning process:  

1. Concrete experience - immersing in a task, doing 
2. Reflective observation - stepping back from doing by thinking on what has been done 
3. Abstract conceptualization - generalizing and drawing conclusions from the experience 
4. Active experimentation - testing, redoing the task and refining the performance 

In this perspective, experience is the basic foundation of learning and is actively changed into 
deeper understanding by reflection. These generalizations give a framework for further actions, 
leading to new experiences - and so the cycle continues. The learning process may begin at any stage 
of the circle and can be continued limitlessly. ACOUCOU support the learner at every stage of the 
process: by allowing for and enriching experience, facilitating reflection, leading to conceptualization 
and giving space for the application of newly formed concepts in active experimentation. Besides 
ACOUCOU, some other modern engineering training programs (i.e. Eaton's program for consulting 
engineers) include the experiential learning concept in their curriculum (26, 27). 
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3.2 Adequate form 
Over the last decades, much research has been conducted that shows advantages of transferring 

knowledge visually. Their results prove that visual methods can learning time and improve 
understanding of the subject matter, enhance the time of remembering and help to speed up the process 
of recalling. Moreover, the effectiveness of learning with the use of visual methods increases with time. 
It's happening in school education (new learning methods such as Montessori, using educational 
applications and games), it's being implemented in higher education programs (distance learning), but 
vocational education and training seems to be the most ossified branch of education, especially in the 
field of specialized courses for engineers. 

In ACOUCOU, the entire team works on the form how educational materials are presented and how 
the interaction between a user and course induces learning process results. Another advantage is that 
the professional skills of engineers can be easily upgraded and adapted to current trends in the use of 
information and communication technologies in vocational education.  Technical, professional 
knowledge is usually presented as text with formulas and technical drawings. Presenting it in visually 
attractive form is surely more interesting and draws attention of engineers. The visualization of 
phenomena let understand discussed issues better as well as makes it easy to convert acquired 
knowledge into particular situations and problems present in an engineer’s work (28).  

One of the biggest and most popular MOOCs – edX (29)– offers course management system called 
„Open edX”. Analysis of its possibilities, requirements and possible ways of development showed 
limitations that could not be accepted. The main limitation is the structure of the course and the abil ity 
to use various knowledge transfer methods – Open edX does not provide mechanisms for using 
simulations, virtual reality or gamification. 

Partnership with its own ACOUSTIC COURSEWARE PLATFORM goes a step further. 
Specification of the platform allows one to go beyond the framework of a typical online course. ACE 
uses gamification methods as well as virtual simulations based on real measurements (perfect method 
for problem-based teaching and learning). ACI consists of materials enriched with case studies a s VR 
videos. Effects can be watched on a computer or using the VR headset.  

The form of materials and courses published on the ACOUCOU Platform is suitable to be used for 
self-learning as well as in blended learning, where an educator uses materials from platform to carry 
out training among employees/students. 

3.3 Availability  
Free access to the knowledge is one of the main foundations of ACOUCOU. The platform is 

designed to serve as modern self-development tool for engineers, young professionals, students and 
other people interested in acoustics. The ACOUCOU team not only cares to find the most adequate 
form of the materials, but also to make them accessible for a wide range of users. 

Besides being a hosting for courses (with extended functionality unlike the other MOOCs) the 
Acoustic Courseware Platform will be a place where companies, VET institutions, educational units, 
educators, trainers can publish articles, findings, result of studies. It is a platform for sharing 
knowledge, experience between all participating users as well as for establishing new contacts. 

3.4 Noise awareness and public policy 
The importance of sound in today’s world has been emphasized by Unesco (30). The noise problem 

has become large: in the developed countries, about 40% of the population is exposed to road traffic 
with an equivalent sound pressure level exceeding 55 dB during daytime, which is considered too 
much. 

A recent scientific study has also classified noise, from road traffic alone, as the second worst 
environmental stressor affecting human health in Europe (31), just behind air pollution caused by very 
fine particulate matter. Media use term "noise pollution" (32) to emphasize serious costs to wildlife 
and human health caused by noise levels. By better informing the public, not only noise awareness is 
increased but also the public interest in noise control and political support of investment into noise 
control is increased. 

ACOUCOU addresses challenge of noise awareness in the society by educating in the area of 
industrial noise. ACI module is a visual introduction to industrial acoustics including noise in 
environment and industry and impact of noise on human health and noise management. It is aimed 
mianly for the Enviroment, Health & Safety teams but can also succesfully serve everyone as a free 
resource about noise and its consequenses. 
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3.5 Constant development 
The ACOUCOU Team constantly develops by creating new partnerships, organizing conferences, 

including more branches of acoustics and incorporating new technologies. It also applies to the 
utilized tools and adequate form of the materials - while ArAc was created as a multibook, ACE 
contains numerous interactive and engaging visualizations, ACI uses Virtuar Reality to show the 
essence and consequences of the noise.  

4. FINAL REMARKS 
As the constant evolution is one of the ACOUCOU strategies, future plans include further 

development by continuous networking, including more materials dedicated for diverse target groups, 
utilizing modern edTech tools and finding adequate form for each aim. At the same time, all of the 
recently available resources are going to be monitored and updated accordingly to the users' needs.  

ACOUCOU receives positive feedback from universities, business partners, educators and 
self-educating professionals. In future, ACOUCOU Team is hoping to continuously address upcoming 
challenges in education and awareness in field of acoustics.  
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ABSTRACT 
Many concerns revolve around construction noise particularly in such a densely populated metropolis as 
Hong Kong. The statutory permit system for construction work during restricted hours and labeling system 
for powered mechanical equipment (“PME”) have been well established in Hong Kong to manage and 
control construction noise. However, renovation work within high-rise residential buildings remains one of 
the most challenging noise sources as the renovation cycle is relatively short and it usually involves noisy 
PME. Common noisy activities in Hong Kong, such as demolition of concrete partitions, reformation of 
flooring and various types of fitting-out work, produce intrusive noise disturbing quite a number of 
neighboring flats through both air-borne and structure-borne transmissions. Structure-borne noise is 
difficult to be mitigated without substantial treatment in the noise transmission path which is almost 
impossible in a dense residential setting. Owing to rising public aspiration for a quieter living environment, 
it is necessary to address the concerns associated with renovation work within multi-flatted residential 
buildings. This paper will give an account of the statutory and administrative noise control framework in 
combating noisy construction and explore the effectiveness of innovative quieter construction methods to 
further mitigate renovation noise at source to achieve a quieter living environment. 
 
Keywords: Noise Control, Renovation, Powered Mechanical Equipment 

1. INTRODUCTION 
With a total population of over 7.4 million, Hong Kong is one of the most densely populated cities 

in the world, having a population density of 6,300 people per square kilometer. It has a total land area 
of 1,111km2 with a highly developed transportation network and densely populated buildings.  The 
urban environment is dominated by closely packed high-rise residential or commercial buildings. 
According to the Census and Statistics Department of the Hong Kong Specia l Administrative Region 
(“HKSAR”), as of September 2018, there are more than 1,500 construction sites in the territory  (1). 
Alongside economic development in recent years, a number of mega infrastructure projects, such as 
Shatin to Central Railway Link, The Lok Ma Chau Loop Innovation and Technology Park, The Third 
Runway, etc., are under construction. In addition, many refurbishment and redevelopment projects are 
in full swing to respond to the growing demand for housing and economic development in Hong Kong. 
Apart from construction sites, it is estimated that more than 20,000 residential units are renovated 
every year in Hong Kong. Construction noise, including renovation noise, is often a concern for the 
community. Around 16,000 pollution complaints were received by the Environmental Protection 
Department (“EPD”) in 2017, and noise complaints accounted for more than 20% (approximately 
4,700 cases) (see Figure 1).  
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Figure 1 – Pollution complaints received by the EPD in 2017 

Furthermore, the number of prosecutions associated with construction noise is the highest among 
various categories of environmental pollution. Of the 102 prosecution cases related to noise in 2017, 
95 were violations related to construction noise (see Figure 2). 

 
Figure 2 – Prosecution cases related to noise in 2017 

The Noise Control Ordinance (“NCO”) of the HKSAR provides statutory control over the noise 
generated by construction activities and the noise emission performance of certain noisy equipment 
through the Construction Noise Permit (“CNP”) system and Noise Emission Label (“NEL”) system 
respectively (2). In addition to the statutory noise control, the EPD has also implemented an 
administrative instrument, namely Quality Powered Mechanical Equipment (“QPME”) Label system, 
since 2005 to encourage the use of significantly quieter PME. Moreover, the EPD is committed to 
exploring other low noise innovative construction equipment to replace traditional equipment in order 
to mitigate noise annoyance caused by renovation work in residential buildings. 

This paper outlines an overview of the noise control and management framework implemented in 
Hong Kong; low noise innovative equipment and methods for different renovation and building 
maintenance work; and the collaboration among stakeholders to prevent and mitigate renovation noise. 

2. CONSTRUCTION NOISE MANAGEMENT AND CONTROL IN HONG KONG 

2.1 Legislative Policy 
The EPD manages noise from construction work through the CNP system, which is preventive in 

nature. A CNP must be obtained from the EPD before the commencement of general construction work 
during the restricted hours (i.e. between 7 pm and 7 am on weekdays and any time on public holidays 
including Sundays), and for percussive piling between 7 am and 7 pm on any day other than a public 
holiday. Such permit may only be issued if the cumulative noise level, not only from the concerned 
work, but together with all neighboring site(s), is in compliance with the relevant requirements as set 
out in the Technical Memoranda issued by the EPD under the NCO (3, 4). Thus the requirement 
prevents “creeping up” of noise levels due to increasing number of work sites. More stringent controls 
are imposed on certain noisy manual construction activities as well as certain PME within the 
Designated Areas established under the NCO, which generally represent built-up areas with dense 
population. If the construction works are carried out within the Designated Areas and involve the use 
of 5 types of specified PME or 3 kinds of prescribed construction works, the works will be subject to 
more stringent control in terms of noise limits or noise mitigation requirements in order to o ffer 
additional protection for noise sensitive receivers in densely populated areas  (5). Percussive piling is 
entirely prohibited in the territory during the restricted hours. The use of noisy diesel, steam and 
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pneumatic piling hammers is generally banned. As for noise caused by renovation works in domestic 
premises, it remains a challenging issue in Hong Kong since each residential flat can be the one which 
emits noise and the one which is affected. While noise from domestic renovation can be intrusive to a 
neighboring flat, it is of transient nature and at present not subject to any legislative control during the 
non-restricted hours. For most residential estates, house rules are developed to address the need and 
constraints for individual buildings with respect to the management for domestic renovation noise in 
terms of say, mutually agreed days and hours of operation. 

Besides, the NEL system mitigates noise from construction equipment at source. It prevents Hong 
Kong from being a dumping ground for 2 types of commonly used and noisy PME, i.e. hand-held 
percussive breaker and air compressor (6). Breakers that weigh more than 10kg and air compressors 
that can supply compressed air at 500kPa or above must be fitted with NELs when being operated for 
carrying out construction work (see Figure 3 and 4).  

 

Figure 3 – Sample of NEL 

 

Figure 4 – Hand-held percussive breaker with NEL 
In order to obtain an NEL, or even to import / supply these two types of PME for use in the Hong Kong, 
the equipment must comply with the international noise standards specified in the relevant regulations.  

2.2 Administrative Policy 
The QPME Label system serves as a product labeling scheme to recognize significantly quieter 

equipment (7). To be eligible for a QPME label, the equipment should be in compliance with noise 
limits stipulated in Article 12 of the Directive 2000/14/EC relating to the noise emission in the 
environment by equipment for use outdoors of the European Union; or the equipment has been 
designated and issued with Low Noise or Super Low Noise Emission Label under the relevant Low 
Noise Construction Equipment Regulations by the Ministry of Land, Infrastructure, Transport and 
Tourism of Japan (see Figure 5). 
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Figure 5 – Sample of QPME label 

At present, 15 types of commonly used PME are included in the QPME Label system, including 
tracked bulldozer, wheeled bulldozer, tracked loader,  wheeled loader, excavator; generator, mobile 
crane, vibratory roller, road roller, asphalt paver, vibratory compactor, power rammer, hand held 
percussive breaker, air compressor and concrete crusher. As of May 2019, more than 8,300 QPME 
labels have been issued for those QPME.  

There are several incentives for the construction industry to adopt QPME. Firstly, the chance of 
obtaining a CNP for construction work with QPME will be relatively higher. Moreover, the QPME 
items are recognized in the Public Works Projects initiated by the HKSAR Government as being 
eligible for additional monetary benefits. In addition, construction companies which purchase QPME 
are entitled to have profit tax concession. 

3. INNOVATIVE QUIETER METHODS FOR RENOVATION WORK 
Near 90% of Hong Kong residents live in multi-family dwellings of a single concrete building 

structure. More and more new high-rise residential buildings have more than 50 floors with more than 
8 units on the same floor, which means more buildings contain more than 400 families together in one 
building structure, and almost all dwellings can be affected by renovation noise from even one 
renovation work (see Figure 6).  

 

Figure 6 – Closely-packed high-rise residential buildings in Hong Kong 
Moreover, according to our statistics in 2012, the movement of families in Hong Kong was about 5 
years (8). Hence, noise due to the frequency, density and influence of domestic renovation work in 
Hong Kong is always an issue. The EPD strives to explore and promote the quietest practicable 
construction methods for the industry. In general, annoying structure-borne noise from renovation 
work comes from demolition activities with the use of percussive breakers. The sound power level of 
traditional hand-held percussive breakers can be as high as 108dB(A). Given the control of 
structure-borne noise transmission along multiple transmission paths is nearly impracticable, using 
low noise innovative equipment appears to be the only option. 

3.1 Diamond Coring Tool 
Diamond coring tool can be used for fastening fixtures, as well as installing brackets for water  

pipes or electrical cables (see Figure 7).  
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Figure 7 – Diamond coring tool 
 
Along with the electrically-powered water management system, wet coring can be performed in 
concrete and other metallic materials. The water management system can supply water and recycle 
water for the operation of wet coring, thus minimizing structure-borne noise and vibration. Moreover, 
it can also collect debris and hence reduce dust (see Figure 8 and 9).  

 

Figure 8 – Electrically-powered water management system 

 

Figure 9 – The operation of diamond coring tool together with water management system 
To evaluate the noise emission performance of diamond coring tool, the EPD has conducted a study 

about structure-borne noise transmission to compare the coring tool with a traditional hand-held 
drilling tool. The noise measurement was carried out in two separate rooms, namely the noise source 
room and noise receiver room. A vertical concrete wall between the two rooms isolates the air -borne 
noise transmission. Compared to traditional drilling tool, not only could the use of diamond coring tool 
reduce the transmission of structure-borne noise by 4dB(A), it also gave a resultant noise level of even 
14dB(A) lower in the noise receiver room (see Table 1). In addition, air pollution generated by dust 
formation during machine operation can be minimized. 

Table 1 – Noise comparison between diamond coring tool and traditional drilling tool 

Tool 
Noise level, dB(A) 

Noise difference, dB(A) 
Source room Receiver room 

Diamond coring tool 87 62 -25 

Traditional drilling tool 98 76 -21 

3.2 Battery-driven Fastening Tool 
The battery-driven fastening tool is capable of fastening cables or conduits, and installing drywall 

or wood tracks into concrete and steel plates (see Figure 10).  

4360



 

 

 
Figure 10 – The battery-driven fastening tool is capable of fastening conduits into concrete 

 
Its advantages include low recoil, dust-free and virtually no vibration. According to a sound 

propagation report commissioned by the manufacturer, compared to traditional hammer drills, the use 
of battery-driven fastening tool can reduce the transmission of structure-borne noise by 8dB(A). Inside 
the noise receiver room, the noise level of operating a battery-driven fastening tool is 9dB(A) lower 
(see Table 2). It greatly reduces the noise impact on neighboring flats without compromising on the 
productivity. Compared to gas-actuated fastening tool, changing of gas cans and cleaning of dirty 
cartridges are not required. 

Table 2 – Noise comparison between battery-driven fastening tool and traditional hammer drill 

Tool 
Noise level, dB(A) 

Noise difference, dB(A) 
Source room Receiver room 

Battery-driven fastening tool 88 65 -23 

Traditional hammer drill 89 74 -15 

3.3 Wall Chaser 
Wall chaser is used for preparing grooves on the interior walls for installation of in -wall electrical 

sockets, conduits, water pipes, etc. (see Figure 11).  

 
Figure 11 – Wall chaser is used for preparing grooves on walls 

Experimental results reveal that the application of a wall chaser achieves a significant 
structure-borne noise reduction of 19dB(A) more as compared to using a traditional hand-held 
percussive breaker. In the noise receiver room, the noise level of operating a wall chaser is 9dB(A) 
lower (see Table 3). In the use of removing wall plaster, a wall chaser can be alternately used with a 
chisel, which can largely reduce the noise annoyance to neighboring flats. 

Table 3 – Noise comparison between wall chaser and traditional hand-held percussive breaker 

Tool 
Noise level, dB(A) 

Noise difference, dB(A) 
Source room Receiver room 

Wall chaser 109 80 -29 

Traditional hand-held percussive breaker 99 89 -10 

3.4 Other Low Noise Innovative Equipment 
In addition to the above portable tools for renovation work in residential units, there are some other 

low noise equipment in the market for building repair / maintenance work as well, such as high 
pressure water jetting machines, hand-held concrete crushers and wall cutters, as quieter alternatives 
to the traditional percussive PME (see Figure 12, 13 and 14).  
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Figure 12 – High pressure water jetting machines can be used for removing deteriorated concrete and tiles 

 
Figure 13 – Hand-held concrete crushers can be used for concrete breaker 

 
Figure 14 – Wall cutters can be used for dismantling plaster, brick and mortar walls 

4. PROMOTING AWARENESS OF QUIET CONSTRUCTION 
In the past, the construction industry may have a lack of awareness of innovative quieter 

construction equipment and methods. Many contractors tend to stick to conventional practices as a 
culture and take advantage of the convenience from some traditional tools such as  a breaker and a 
drilling device that can primarily perform most of the tasks for renovation works. But now, many 
innovative quieter alternatives have been proved to be not only quiet but effective in carrying out those 
tasks. The Government realizes the importance of raising the environmenta l awareness of all 
stakeholders because they can play an active role in reducing noise nuisance from renovation work. To 
achieve this aim, the EPD has produced a variety of education / publicity materials and established 
close collaboration with the relevant sectors, such as the construction industry, the property 
management sector and the vocational training institutes, to promote the adoption of more 
environmentally friendly equipment or methods.  

The EPD and the Hong Kong Construction Association have set up a Quiet Construction Working 
Group to regularly explore and promote the use of quieter construction methods and low noise 
equipment for projects ranging from large-scale infrastructure development projects to domestic 
renovation work.  

In addition, the EPD has set up a website to promote the use of the latest quieter alternatives and the 
noise mitigation measures (9). Moreover, the EPD partners with the property management sector to 
promote green property management and establish house rules. For smaller scale renovation works in 
domestic flats, the EPD has developed relevant guidelines for addressing the common interests of all 
stakeholders and for the property management sector to better manage domestic renovation noise (10). 
At present, many residential estates have developed their own house rules , such as working time 
restrictions and timetables for renovation work mutually accepted by all parties involved, to deal with 
the noise issues arising from renovation activities.  The EPD has also developed a set of educational 
package to disseminate knowledge about basic acoustics, noise generation, minimization and 
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prevention of noise problems for the general public (11).  
Besides, the EPD cooperates with the Construction Industry Council in enhancing the 

environmental awareness of the construction industry through better understanding of the legislative 
control on construction noise, and sharing on quieter construction methods and practical experience. 
The EPD also values every opportunity to facilitate frontline construction practitioners to familiarize 
with low noise innovative equipment through seminars and demonstrations. 

5. CONCLUSIONS 
With the concerted efforts of the Government and various partnering sectors, including the 

construction, property management and education, some quiet construction equipment and good 
management practices have been promoted and even adopted to control the impact of renovation noise. 
Looking ahead, the EPD will continue to adopt a "win-win-win" approach in minimizing construction 
noise, by meeting the public’s rising aspiration for a quiet environment, addressing the need of 
construction efficiency through innovative technologies, and enhancing public service by exploring 
and promoting low noise construction methods. 
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ABSTRACT 
As computation technology develops, sound field numerical simulation in-vehicle has attracted more and 
more attention. However, it is difficult to simulate sound field in-vehicle at high frequency by using 
wave-equation-based numerical methods, such as finite element method (FEM), finite difference in time 
domain (FDTD), etc. To extend the region of effective frequencies, a combined method consisting of finite 
element method (FEM) and ray-tracking method can be used to simulate the sound field in a car. Even so, the 
combination of the spectrum at the segmentation frequency between two methods still remains a well-known 
problem and is worthy of investigating. In this work, only the improved FEM was adopted to simulate the 
in-vehicle sound field. Through an optimized car model with smoothing fine structures and non-uniform 
meshing grids, the computation was optimized and the effective frequency was extended up to 4 kHz. Further, 
sound field distributions under conditions of open or closed lateral front windows (the condition of open 
windows is approximated by an absorptive boundary) were simulated and analyzed, so as to validate the 
optimized car calculation model and numerical method. 
 
Keywords: Finite element method, Sound field in-vehicle, Numerical simulation 

1. INTRODUCTION 
  Automotive environment is increasingly becoming an indispensable listening space in our daily 

life. There are two components of the acoustic environment in the automobile cabin: the noise due to 
automotive processes or surroundings and the sound field effect produced by the car audio system (1). 
The acoustic environment in an automobile cabin has a significant effect on the perceived sound 
quality of the vehicle. In fact, because of the particularity of in -vehicle sound field compared with 
traditional room sound field, which is caused by a small-size space (2), the research on the sound field 
in-vehicle still remain to be further developed. 

In order to design and predict a better sound reproduction performance inside the car, numerical 
simulation is a common, low-cost and high-efficiency technical approach. The general numerical 
simulation methods include ray-traking (RA) (3), finite difference in time domain (FDTD) (4), 
boundary element method (BEM) (5) and finite element method (FEM) (6). In theory, geometrical 
acoustics can only be used at frequencies where the wavelength of the sound is considerably smaller 
than any structure scale in the target acoustic space (7). When the size of reflecting objects become 
comparable to the wavelength of sound, a wave-based method is predominant. The FEM is attractive 
because of its inherent accuracy and its ability to handle arbitrary model shape compared with BEM, 
but it is limited to low frequencies and small rooms due to large computation amount (requiring more 
memory and computation time) and higher requirements for the finer structures. Therefore, it is 
necessary to optimize FEM, so that it can be used to simulate the sound field in -vehicle up to higher 
frequencies. 

Actually, FEM has being developed in recent years (8-11). To extend the region of effective 
frequencies, Aretz used a combined method consisting of finite element method (FEM) and 
ray-tracking method to simulate the sound field in a car up to 12 kHz, in which the segmentation 
frequency is approximately 800 Hz (12). Even so, the combination of the spectrum at the segmentation 
frequency between two methods still remains a well-known problem and is worthy of further 
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investigation. In particular, in the context of the rapid development of computer technology, more 
accurate simulation under shorter computing time can be obtained and thereby guiding the design of 
sound reproduction. 

As mentioned previously, there is a contradiction between improving calculation accuracy (such 
as extend effective simulation to higher frequencies) and the computation volume (or time cost). 
There, first, we propose an optimized car model with smoothing fine structures and non-uniform 
meshing grids, the use of eight-noded cubic volumic element, the computation was optimized and the 
effective frequency was extended up to 4 kHz, which covers the frequency range of speech.  Many 
factors can contribute to a vehicle’s interior sound field. For sound reproduction inside the car, the 
early reflections caused by the lateral front windows seems to play an important role, owing to their 
close distance from the ear (13). Therefore, the influence of the lateral front windows on the sound 
field inside the car was predicted by using the optimized FEM in time domain, which also validate the 
optimized method. Sound field distribution under two different acoustic boundary conditions, which 
simulates the lateral front windows being close or open. This work will play an important role in 
auralization researches in-vehicle. 

2. Calculation model 

2.1 Mathematical Model 
The simulation work in this paper was carried out using the acoustics model in the COMSOL 

Multiphysics software. The stimulus signal used in this model is time-harmonic, on which the sound 
propagation in the car cavity can be described by the inhomogeneous Helmholtz equation: 
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where ρ is the fluid density (SI unit: kg/m3), c refers to the speed of sound in medium (SI unit: m/s), pt 
indicates to the total sound pressure (SI unit: Pa), Qm denotes as the monopole domain source(SI unit: 1/s2), 
qd is the dipole domain source (SI unit: N/m3),  p is the sound pressure (SI unit: Pa), and pb is the pressure 
of background sound field (SI unit: Pa). 

In the finite element domain, the impedance boundary approach ignores possible fluid-structural 
coupling effects caused by vibration of the car materials. It is assumed that the sound wave propagates 
only from the direction of the vertical surface. Therefore, the impedance is not affected by the incident 
sound field, thus can be represented by a constant. Absorption boundary condition can be described by 
following equation: 
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where Zi is the characteristic acoustic impedance (SI unit: Pa·s/m).  

2.2 geometric model  
Finite element analysis is a general analysis tool. It is commonly possible to import geometric 

model data from CAD files. Figure 1 shows the model used in this simulation, which is a simplified 
model based on the actual size of a real car.The model consists of an enclosed cavity and simplified 
seat, a point source, s1, and a receiver point, r1. 

For the purpose of improving the calculation efficiency and ensuring the accuracy, the eight-noded 
cubic volumic element is used in the calculation (14). In order to ensure the accuracy of the calculation 
model, the maximum size of the meshing unit should be less than one -sixth of the wavelength. 
Moreover, for the interior surface of the car with a mutated shape, the mesh near it was refined, and the 
grid cell size was slightly larger for the continuum in the car cavity. In this way, the interior of the car 
was divided into many non-uniform grids. Finally, the total number of grid cells is 202117, the largest 
element size is 0.0274 m, and the minimum element size is 0.00504 m. Such grid cell settings are more 
than sufficient for calculating the sound field in the time domain within the 4  kHz frequency range. 
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Figure 1-Model of the car cabin and diagram representing x-y (blue) and y-z (green) cross section 

2.3 Source and boundary condition  
When calculating the impulse response in a car, it is necessary to add an stimulus source for the 

calculation. In actual measurement, the maximum length sequence (MLS) or the sweep frequency signal is 
usually used as the excitation sound source to reduce the influence of noise on the measurement result. 
However, in numerical simulation, because there is no influence of environmental noise, the pulse sound 
source can be selected as the excitation signal, which makes the calculation simulation more efficient. 
Gaussian pulses are commonly used signals in time domain simulation. In this paper, Gaussian pulse is 
used as the excitation sound source for simulation. The time domain expression was as follows: 
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where A is the amplitude (SI unit: m2/s), f0 is the frequency bandwidth (SI unit: Hz), and tp is the duration 
of the pulse (SI unit: s), respectively. 

Taking into account the computational time that could be limited by computer hardware, the time step 
∆t was set as 0.125 ms, and the corresponding sampling frequency 1/∆t was 8 kHz. According to the 
sampling law (15), the effective frequency that can be accurately calculated under such sampling frequency 
setting is 4 kHz. The impulse response of the four receiving points can be directly calculated. 

When the lateral front windows were close, the impedance boundary conditions of the side windows 
and the front-rear windscreen were set to 8712 Pa∙m/s. However, it is worth mentioning that we replaced 
the impedance of the front side windows with the impedance of the air, 439.89 Pa∙m/s, to simulate the 
boundary condition of lateral front windows that were open, as shown in Table 1. In addition, the 
impedance conditions of seats and other panels were set as 8852 Pa∙m/s, and 3142 Pa∙m/s, respectively. The 
point source and the receiver point located at coordinate (2.4 m, 1.4 m, 1 m) and (2.4 m, 2.2 m, 1 m), 
respectively, as shown in Figure 1. The heights of the point source and the receiver point are close to the 
height of the human head when a person is sitting in the car. 

Table 1 – The impedance setting of surfaces inside car under two conditions 

Impedance (Pa·m/s) seat Front-rear 
windscreen 

Rear side 
windows 

Right front 
side window 

left front side 
window others 

lateral front windows closed 8852 8712 8712 8712 8712 3142 

lateral front windows open 8852 8712 8712 439.89 439.89 3142 

3. Results and Analysis 
 The FEM can obtain the numerical solution of each element in the solution domain. In order to 

predict the effect of the window compartment on the sound field distribution, the sound field 
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distribution in both x-y, y-z cross sections (see Figure 1) along the source point in the coordinate 
system have been obtained. Then, the sound propagation in cross section in the time-domain under 
different conditions have been observed, which are shown in Figure 2 and Figure 3, respectively. All 
these figures illustrate the time domain propagation of sound wave from 0.5 ms to 4.5 ms with 0.5 ms 
interval. 

        
Figure 2- The propagation procedure of sound field on x-y cross section inside car with lateral front 

windows open (left) and closed (right), where dotted line frames represent open windows while solid 
line frames represent closed windows 

        
Figure 3-The propagation procedure of sound field on y-z cross section inside car with lateral front 

windows open (left) and closed (right), where dotted line frames represent open windows while solid 
line frames represent closed windows 

Figure 2 shows the time-domain propagation procedure of sound wave on x-y cross section along 
source position in car cabin, under the conditions of open and closed lateral front windows. We can see 
that, will interfere with the direct sound and contribute to the resulting sound field.  Due to the small 
size of car, sound wave can travel to the interface within several millisecond. Therefore, the sound 
propagation is more strongly influenced by these wave effects.  When the lateral front windows are 
closed, we found that the reflection of the front window smears the time signature of the sound field in 
the car cabin, just like Figure 2 (right) when the propagation time is more than 2.0 ms. 

Similarly, Figure 3 illustrates the time domain diagram of sound wave propagation. When sound 
propagates to the open window, a significant sound energy leakage can be observed in the figure. 
Comparing the two groups of time domain propagation figures, when the lateral front windows are 
closed, that is, when the lateral front window was set as the absorptive boundary, the sound field 
focusing seems to appear more frequently.  

Figure 4 shows the impulse response at receiver point r1 (in driver seat) under different boundary 
conditions, namely closed and open lateral front windows. The sound field inside vehicle consists 

4367



 

 

entirely of direct sound and early reflections, which are quickly absorbed or dissipated (the short 
duration within about 20-30 ms). This is due to the small dimensions of the vehicle interior, namely 
the emitter is close to reflection/absorption boundary. However, it is difficult to discover the obvious 
difference between the two impulse responses. 

 

 
Figure 4- The impulse response in receiver point r1 with lateral front windows closed  (blue),  

open (red) and their waveform comparison 

Table 2-The magnitude spectrum statistics in octave of two impulse response at receiver point r1 

Frequency (Hz) 31.5 63 125 250 500 1000 2000 

Magnitude with 
lateral front windows 

close 
-24.0 dB -28.2 dB -19.8 dB -18.0 dB -16.9 dB -5.3 dB 0 dB 

Magnitude with 
lateral front windows 

open 
-29.0 dB -32.3 dB -21.2 dB -18.5 dB -17.5 dB -6.9 dB 0 dB 

The magnitude 
difference 5.0 dB 4.1 dB 1.4 dB 0.5 dB 1.0 dB 1.6 dB 0 dB 

Further, the magnitude spectrum statistics in octave of the two impulse responses can be got with 
dirac software, as shown in the Table 2. it can be found that the magnitude of the spectral intensity 
under the condition of lateral front windows open is generally lower than that of windows close , due 
to the sound energy leakage. Moreover, it’s worth noting that there is more significant difference in 
low frequencies, which indicates that the sound energy leakage mainly occurs in low frequencies. 

For a typical vehicle, the decay time for a 60 dB signal reduction is 30 to 50 ms. Therefore, 
reverberant field cannot form in the environment of this size, whose reverberat ion time is 
tremendously small. This reason could be that the sound path between two reflectors is short, that is 
say, the sound wave can frequently reach the absorptive boundaries, and thus the sound the energy is 
quickly absorbed by the sound absorptive boundary. Because the absorption interface absorbs more 
high-frequency sound, the sound wave in the car attenuates faster at high frequency, so that the 
reflection times are less when the sound wave propagates in the car.  On the other hand, the frequency 
of low-frequency reflection is more, so after the low-frequency energy leakage caused by window 
opening, the energy statistics will be less. 

4. CONCLUSIONS 
This work aims to design a finite element model with simplified car interior, which is applied to 

high frequency in order to investigate how sound propagate inside car cabin with the influence of 
lateral front windows. Through an optimized car model that combines the used of eight-node cubic 
volumic element, smoothing fine structures and non-uniform meshing grids, the calculating procedure 
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was optimized and the effective calculation frequency was extended up to 4 kHz, which covers the 
frequency range of speech. The influence of the lateral front windows on the sound field distribution 
inside the car has been analyzed. We obtained the time domain variation figures of the sound field 
propagation on different cross sections of the vehicle with the setting of the Gaussian pulse point 
sound source. Results show that, in general, most of the energy of sound field inside the car is 
concentrated in direct sound and early reflection. Sound waves can be attenuated quickly in the car, 
which can be attributed to the smaller size of the car. The closing or opening of the window has a 
significant effect on the reflection and absorption of sound waves in the vehicle.  Incontestable, the 
opening and closing of the window has a great influence in the distribution of the sound field in the car, 
which is manifested in the more frequent sound focusing when the windows are closed and the greater 
influence of the low-frequency energy attenuation when the windows are opened. It can be found that 
the setting of the side window is indispensable when we study the sound field in the car.  
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Sound field reproduction in a cabin using loudspeakers 

Dong WANG1; Guosong FENG1; Gongbo MA1; Xinming LI1 
1Beijing Institute of Spacecraft Environment Engineering, Beijing, China 

ABSTRACT 

To evaluate the interior sound quality of an aircraft during flight, multiple loudspeakers are used to reproduce 
the sound field inside a mock-up cabin which is used for the passengers to experience on ground. The 
reproduction is based on the principle of the frequency-domain pressure matching approach. To reduce the 
influence of measurement errors in acoustic transfer functions, the case of more loudspeakers than the 
matching points is studied, which is different from most studies before. Some important aspects, including 
the number of loudspeakers and the loudspeakers placement are discussed. Both numerical and experimental 
examples are both described in this paper. 
 
Keywords: Sound field reproduction, Pressure matching, Inverse problem, Aircraft noise 

1. INTRODUCTION 
The sound field reproduction discussed in this paper, is to use the secondary sound sources to make 

the same sound field as the preliminary sound sources in a given space. Sound field reproduction could 
be used to represent the real sound field to make the ‘passengers’ feel as if they were personally on the 
real plane to evaluate the sound effects and sound quality. Besides, the produced sound field could be 
useful for the design and test of the noise control system. 

There are three major categories of sound field reproduction methods commonly researched in 
literature. The first category is based on the Huygens’ principle, which reproduces the sound field 
inside the target area through reproducing the sound pressure and particle velocity on the its boundary, 
such as the wave field synthesis (WFS) method (1, 2). The second category is through the mode 
matching approach, such as ambisonics method (3, 4). In this approach, the sound field is described 
using the basis functions in spherical coordinate and their coefficients. The drive signals of the 
secondary sound sources are calculated through minimizing the difference of the mode coefficients 
between the preliminary and secondary sound field. The third category is the sound pressure matching 
method (5), in which the sound pressure difference of the control points inside the target area between 
the preliminary and secondary sound field is minimized to calculate the drive signals. Compared with 
the first two categories, there is no limit for the location and array form of the secondary sound sources 
in the sound pressure matching method, so it is more convenient for engineering practice. In literature, 
this method is adopted by most practical cases (6, 7). 

2. THEORY BASIS FOR SOUND FIELD REPRODUCTION 

2.1 Principle of sound pressure matching 

As in Figure 1, several target points are arranged in the reproduction area. The sound pressure of 
these target points has been measured in the preliminary sound filed for acting as the reproduction 
objectives. The sound sources, which could be loudspeakers or shakers (excite the structure to produce 
sound) are arranged around the target area. In our opinion, loudspeakers are preferable because the 
sound characteristic of shakers is coupled with the structure. 

                                                        
1 dongwang0312@163.com 
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Figure 1 – Diagram for sound field reproduction 

For a linear and time-invariant system, the relationship between the drive of the sound sources and 
the sound pressure of the target points could be described in frequency domain as: 

     P f G f S f  (1) 

where f is the frequency points, and is omitted for clarity later. P is a M×1 column vector of the sound 
pressure of the target points, which has been given as the reproduction target. M is the number of the 
target points. S is a N×1 column vector of the drives. N is the number of the sound sources. G is a M×N 
transfer function matrix. 

In most frequencies, the transfer function matrix G is full rank. 
if M=N, Eq. (1) has the exclusive solution.  
if M>N, Eq. (1) has the least square solution.  
if M<N, Eq. (1) has infinite solutions, and the general solution is: 

 S G P I G G Y     (2) 

where G  is the Moore-Pseudo inverse of G. Y is an arbitrary N×1 vector. 
The case of M>N is commonly researched in literature. It is treated as an optimization problem by 

introducing in constraint conditions, such as the number of loudspeakers, the maximum power, the 
total power. And the reproduction error is minimized by methods of least-square (LS), Lasso, 
Lasso-LS (8, 9). 

In the application background of this paper, there is no quantity restriction for loudspeakers, and 
high-power loudspeakers could be used to avoid the power restrictions, so the situation of M<N is 
studied here. 

2.2 Sound Pressure Matching Method when M<N  

When M<N, Eq. (1) has infinite solutions, among which the drive of sound sources could be 
arbitrarily chosen to meet the reproduction requirement accurately. However, in the measurement of 
the transfer function matrix G, measurement error is inevitable. Besides, the real transfer function may 
change with environment. To cope with the influence of errors in G on the reproduction effect, proper 
test design should be implemented. 

Suppose the real transfer function is Ĝ , and its relationship with G is: 

Ĝ G G    (3) 

where G  is the measurement error. 
In Eq. (2), the drive S is calculated with the measured transfer function. When it is applied to the 

actual system, the sound pressure of the target points is: 
ˆP̂ GS  (4) 

The difference between the real sound field and the desired sound field is: 

P GS    (5) 

The elements in P  should be reduced. The 2-norm is a measure of length of a vector. So it could 
be used to evaluate the reproduction accuracy. The following aspects would be discussed to reduce 

2
P . 
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2.2.1 Choice of solutions 
For ΔG is a random matrix, the way to decrease 

2
P  is to decrease the element in vector S. 

Among all solutions in (2), the minimal 2-norm solution is:  
+=S G P  (6) 

This solution is recommended in the reproduction process. It should be noted that, for a given ΔG, 
this solution may not be the best choice to minimize

2
P , however, when many probabilities of ΔG 

are given, the usage of (6) leads to a minimized average value of
2

P . 

2.2 The number of secondary sound sources 
The singular value decomposition of G is: 

H=G U V  (7) 

where U is a M×M unitary matrix. V is a N×N unitary matrix, and the superscript H indicates conjugate 
transpose.   is a M×N matrix, and only the diagonal elements of the first M columns, which are called 
the singular value of G, are none-zeros. 

The Moore-Penrose generalized inverse matrix of G could be expressed as: 
+ * H=G V U  (8) 

where *  is a N×M unitary matrix, and only the diagonal elements of the first M lines are none-zeros. 

The non-zero elements of *  and are reciprocal. 

Substituting (8) into (6): 
+ * H=S V U P  (9) 

V and UH are unity matrix. When a vector is multiplied with a unity matrix, its 2-norm would not 

change. So, in Eq. (9), the change of 2-norm happens only when multiplying * . *  better has small 

elements to reduce the 2-norm of S. 
When an extra sound source is added, G has a new column. As a result, the value of all singular 

values of G increase, while the number of singular values of G remains the same. So it is better to have 
more sound sources.  

2.3 Location of secondary sound sources 

Substitute Eq. (3) and Eq. (6) into (5), and notice GG+=I and ˆ ˆ IGG  , we have: 

   ˆ ˆ ˆP̂ G G G P G G G P        (10) 

If matrix G is badly conditioned, G is greatly varied from Ĝ . The condition number of G is related 
to the location of the sound sources. The location with smaller condition number is preferable.  

3. SOUND FIELD REPRODUCTION PROCEDURE 
Flowchart of an open-loop sound field reproduction method based on sound pressure matching is 

shown in Figure 2. 
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Figure 2 – Flowchart of sound field reproduction 

(1) Transfer function test 
The transfer function from the driving voltage of each sound source to the sound pressure of each 

target point shall be measured. As mentioned above, it is better to have more sound sources than the 
target points. There were mature methods for transfer function measurement. For the measurement of 
driving voltage could be accurate, the H2 estimator could be used: 

  P P U P, /
m m n m

G m n S S  (11) 

where G(m,n) is the (m,n) element of G, P Pm m
S  is the averaged auto-power of sound pressure of the 

m-th target point, and U Pn m
S  is the averaged cross-power of sound pressure of the m-th target point and 

driving voltage of the n-th sound source. 
(2) Target spectrum calculation 
For the noise inside a cabin is close to random signal, the target sound field is usually described by 

the power spectral density (PSD) of the target points. However, the phase information of the target 
sound field is used in (2). So firstly, the PSD spectrum should be transformed to Fourier spectrum by 
introducing random phase. 

The amplitude spectrum is calculated as: 
  mP m s f   (12) 

where | | indicates the amplitude, ms  is the target PSD spectrum of the m-th target point, f  is the 

frequency spacing of ms . ( ms is defined on discrete frequency points.) 

Then random phase is introduced into (12) to have: 
    jeP m P m   (13) 

where, e is the natural logarithm. j is the imaginary unit.   is the random phase, which is a uniform 

distribution between   to  . 
(3) Drive spectrum calculation 
Based on the sound pressure matching method, the drive spectrum S is calculated by (6). In the 

results, there may be one or more drive has an amplitude too big for the output channels of the 
equipment used. Each of these drives could be multiplied by a factor smaller than 1 to make its 
amplitude equal to the threshold. Then these drives are treated as known drives. Substitute them into 
(6), the other drives are calculated. 

(4) Time sequence of drive 
The drive spectrum could be transformed into time signal by inverse Fourier transform. The length 

of this time signal is T=1/ f .  
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(5) Windowing and overlapping 
The length of one frame is usually not long enough for reproduction practice. Repeat step (2) – (4) 

for several times, then the time sequences are overlapped to form a long-time drive signal in time 
domain. 

To avoid saltation at the splice points, windowing and overlapping are necessary. Figure 3 shows 
this process. 

t

Overlapping Window
 

Figure 3 – Windowing and overlapping 

Suppose 1x , 2x … are time sequences form step (4), w is the window function. The time signal x 

after overlapping is: 

1 1 2 2x x w x w   (14) 

Different window functions could be used. Half sine window is recommended: 

  sin 0

0 , 0

t
t T

w t T
t T t

  


 




  

(15) 

The time interval of w1, w2… is T/2. 

4. EXAMPLES 

4.1 Numerical example 

The conclusions in section 2.2 are verified through Monte Carlo simulation. 
A random 6×8 complex matrix (both the real and image part of each element are between -100 to 

100) is generated as the transfer function matrix G1, and a random 6×1 complex vector is generated as 
the reproduction target p.  

(1) Choice of infinite solutions 
Step 1: Using Eq. (6), the minimal 2-norm solution S1 is calculated. Besides, 100 different 

solutions S2, S3 , …S101 using Eq. (2) are also calculated.  

Step 2: 1Ĝ is generate by adding uniformly distributed noise to each element of G1.  

Step 3: Substituting G1, 1Ĝ , S1, S2, …, S101 to Eq. (3) and Eq. (5), 
1 2

P , 
2 2

P ,…, 
101 2

P are 

calculated. 

Repeat step 2 and 3 above for 1000 times. The result reveals that 
1 2

P  is not always the 

smallest, but the average value of 
1 2

P  is the smallest, as in Figure 4. So solution (6) is the best 

choice.  
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Figure 4 – Averaged reproduction errors with different solution of S 

(2) Number of sound sources 
Step 1: G2 is generated by add four random columns to G1. 
Step 2: Substituting G1 and G2 into Eq. (6) respectively, and solving for S yields S1 and S2. 
Step 3: 1G  and 2G  are generated, and the first 8 columns of 2G  are the same as 1G . The 

elements are also uniformly distributed noise.  

Step 4: Substituting 
1

G  and S1 into Eq. (5) yields 
1 2

P , and substituting 2G  and S2 into Eq. 

(5) yields 
2 2

P . 

Repeat step 3 and 4 above for 1000 times. The result reveals that 
2 2

P  is smaller than 
1 2

P  

for most times as shown in Figure 5, and the average value of 
2 2

P  is the smaller than that of 
1 2

P . 

So it’s better to use more sound sources. 

 
Figure 5 – Comparison of reproduction errors 

4.2 Experimental example 

The method of this paper was applied to sound field reproduction inside a simulated cabin as Figure 
4. The out wall is made of alloy aluminum skin, the inside wall is micro-perforated panel, and the 
interlayer is melamine foam.  

As seen in Figure 6, a loudspeaker was placed outside the cabin to produce the preliminary sound 
field. The sound pressure of three target points was measured by three microphones hanged inside the 
cabin. 
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Figure 6 – Photograph of the test setup 

Five loudspeakers both inside and outside the cabin were used to reproduce this sound field, as 
shown in Figure 7. The method raised in this paper is used, and the reproduction result is shown in 
Figure8 (take point 1 for example). In all 1/3 octave between 40 to 5000Hz, the reproduction error is 
generally smaller than 2dB. 
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Figure 7 – The location of loud speakers and target points  
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Figure 8 – Reproduction result  
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5. CONCLUSION 
The sound pressure matching method is adopted to reproduce the sound field. The case of more 

sound sources than target points is studied. The advantage of more sound sources is its insensitivity to 
the measurement noises in transfer functions. The best choice in infinite solutions is given. The more 
sound sources used, the better. After the theory basis, the detailed reproduction procedure is given. The 
method is validated by both numerical and experimental examples.  
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Abstract
The Noise, Vibration and Harshness development of vehicle components still heavily relies on full vehicle tests.
To reduce costs, the number of simulations is increasing. Commonly used simulation methods (Multibody-
Simulation, Finite-Element-Method and Statistical-Energy-Analysis) are only valid within a limited frequency
range and need high computational resources. The manually created models require validation through measured
data. Holistic digitalization is therefore not achievable with today’s simulation methods. Machine learning as a
different approach lets an algorithm compute the physical relation between input and output. Once this relation
is found, the trained neural network can predict the output to any new given input. Network architecture (e.g.
number of layers, number of neurons) and hyperparameters (e.g. error function, backpropagation algorithm) are
essential for the outcome. The network training is supported by Finite-Element computations.
Keywords: Machine Learning, Artificial Neural Network, Finite-Element-Method, Noise Transfer, Trans-
fer Function

1 INTRODUCTION
The difficulty level of finding a mathematical description for a system and its behavior - a simulation model -
increases with complexity. In order to find expressions for challenging relations, systems are commonly divided
into subsystems [11]. A widely spread approach to calculate the dynamics of mechanical components is the
Finite-Element-Method (FEM). The model creation itself is a manual and time consuming process that relies
on experience. Once the model is defined, the excitation can be processed to calculate the response. Figure 1
illustrates this conventional approach and compares it with a data-driven process. In difference to the conventional
approach, it approximates the model through a given excitation and response [5].

Figure 1. Comparison of conventional and data-driven approach.
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2 DATA-DRIVEN ARTIFICIAL NEURAL NETWORKS
An Artificial Neural Network (ANN) approximates a function between a given input and an assigned output by
solving a minimum problem [2]. This data-driven approach is commonly associated with Artificial Intelligence
(AI). In AI, it belongs to supervised learning which is a subcategory of machine learning. Figure 2 shows a
shallow ANN. This network consist of 3 input units, 3 hidden units and 1 output unit. Within the forward-pass,
the weighted sum z j is calculated for the given inputs xi and the weights wi j. The following activation function
calculates the activation level y j of the specific neuron in the hidden layer. Analogously repeating these steps
for the output layer results in the network output yk. Some of the most common activation functions in today’s
ANNs are the Tangens Hyperbolicus function (tanh) and the Rectified Linear Unit function (ReLU) [1]. By
comparing the network output yk with a target value tk through a cost function, the network error E is calculated.
In the backward-pass, this error is back-propagated for multiple inputs xi, outputs yk and target values tk. For
each iteration, the weights wi j and w jk are adjusted in order to minimize the cost function. The network training
is completed once a global or local minimum is reached.

Figure 2. Artificial Neural Network consisting of 1 input layer, 1 hidden layer and 1 output layer.

The basic idea of neural networks goes back to 1943 when McCulloch and Pitts introduced a logical calculus
for nervous activity [7]. In 1986, backpropagation for multi-layer perceptrons was published by Rumelhart et al.
[9]. Affiliated with the latest breakthroughs in image-, video-, speech-, audio- and text-processing, deep learning
networks with multiple processing layers are in the focus of today’s research [6][10].
Within the domain of Noise, Vibration and Harshness (NVH), machine learning is used for a variety of tasks.
Ranjbar and Marburg are reducing the radiated sound power levels of a rectangular plate by using a shallow
ANN consisting of 5 hidden neurons [8]. A tire/suspension system and its dynamic behavior while being
excited by road irregularities is simulated with Recurrent Neural Networks by Guarneri et al. They compare
the calculations of the ANN to those from a Multibody-Simulation, concluding accurate results and a good
computational efficiency [4].
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3 TEST ENVIRONMENTS, EXCITATION, RESPONSE AND PREDICTION
In this article, we use the FEM-model in Figure 3 as simplified test environment. The coupled beams consist
of a source side, a receiver side and 2 coupling brackets. The connectors are rigidly attached and have the
distance x between each other. It is varied between 70 and 190 mm with a step size of 10 mm. This results
in 13 different geometrical configurations. The left coupling is fixed in its position. Modeling was conducted
in NX Nastran using 18721 tetrahedron-elements with linear behavior. The excitation force Fz is applied on
the source side with a frequency ranging from 0 to 6000 Hz. The response acceleration az is calculated for
the receiver side. Excitation and response are oriented in z-direction. This process is repeated for different
coupling conditions and excitations. In total, 1001 input- and output-spectra have been generated throughout
the 13 different configurations (77 datasets per configuration). The generated database was then fed into an
ANN-architecture in order to find a system description via machine learning.

Figure 3. Source-receiver structure with excitation force Fz, response acceleration az and distance x between the
connectors.

As ANN-architecture, a feedforward-topology is used that is visualized in Figure 4. The input vector consists
of Fz and x from Figure 3. A fully connected hidden layer with 10 hidden neurons is used. As propagation
function, the weighted sum is calculated according to Figure 2. The activation function in the hidden layer is
tanh. The output layer is using the identity function. Both layers, hidden and output, are connected with a bias
value. Since the input and output spectra range from 0 to 6000 Hz with a frequency resolution of 10 Hz, we
trained 600 of the shown ANNs to approximate the system response for the entire spectrum. This allows us
to use the explained ANN-architecture instead of having to process the complete spectral information with one
large network.

Figure 4. Feedforward-network consisting of 1 input-, 1 hidden- and 1 output-layer. The shown network has 10
hidden neurons.

The applied force-spectra Fz for all 1001 datasets are shown in Figure 5 (a). Amplitudes vary between a baseline
amplitude of 0.01 N and a maximum peak amplitude of 0.2 N. The 2-dimensional diagram in Figure 5 (b)
shows the excitation from dataset 512 more in detail. The connector distance for this specific configuration is
130 mm. Analogously to the excitation, the FEM-response az for all datasets (Figure 5 (c)) and in detail for
dataset 512 (Figure 5 (d)) is shown. High amplitudes can be observed for 451 Hz, 991 Hz and 1441 Hz. As
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Figure 5. (a) Applied excitation for all structural configurations and force amplitudes. Increase of the x-value after
each 77 datasets. (b) Force spectrum of dataset 512 which is related to a x-value of 130 mm. (c) Calculated FEM-
response for all structural configurations and force amplitudes. (d) Acceleration spectrum of dataset 512 which is
related to a x-value of 130 mm. (e) ANN response spectrum for all datasets. (f) Comparison FEM-response and
ANN-response for dataset 512.
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already mentioned, the FEM-data serves as artificially generated input in order to train Neural Networks that are
capable of predicting transfer functions. The training was conducted with all datasets except those, representing a
connector distance of 130 mm. This validation data is used to test the trained system of networks in terms of its
capability of learning the relation between varying geometry and noise transfer function. As backpropagation, a
bayesian regularization performs a minimization of a linear combination of squared errors and weights [3]. After
training the networks, the excitations from Figure 5 (a) have been processed by the ANN-system which results
in the response in Figure 5 (e). The general response is quite accurate, even though we see some deviating
amplitudes for a x-value of 130 mm between 3000 and 4500 Hz. Prediction errors seem to concentrate in areas in
which the input dataset consists of few amplitudes that vary from the baseline. The ANN-response of dataset 512
in Figure 5 (f) shows comparable amplitudes to the FEM-response for the peak values at 451 Hz and 1441 Hz.
On the other hand, the amplitude at 991 Hz differs.

4 CONCLUSION
In this article we illustrated that Artificial Neural Networks are capable of predicting the system response for
a noise transfer problem. These dynamics of the receiver are calculated as a function of force-excitation and
geometry. The training data was artificially generated by utilizing FE-computations. In total 1001 input-force-
spectra have been processed to receive a labeled output dataset for the ANN training and validation. The ANNs
are able to respond to unseen geometrical configurations and excitations. The quantity of labeled data that
represents a specific transfer function correlates with the accuracy of the prediction. For further verification, a
larger database should be investigated.
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ABSTRACT 
Product quality improvements and electrification in automotive industries, denote the growing need for 
squeak and rattle free cars. Studying the relation between main sources of rattle sound, like temperature 
changes and the emitted sound can help to improve the design robustness. In this research, the effect of 
temperature on the perceived annoyance level of rattle sounds that are generated from selected material pairs 
from the car cabin is studied. The sound stimuli were collected from a rattle test apparatus by binaural 
technology in laboratory condition, by a parameter study on temperature, gap and material pairs. Estimated 
annoyance levels, using the psychoacoustic metric developed through a subjective listening survey, show that 
perceived annoyance of rattle sounds varies differently for various materials in different ambient and 
boundary conditions. Employing this approach can lead to a rattle sound database for material pairs to be 
incorporated with geometry variation results for requirement setting and design robustness improvements in 
the early development phases of passenger cars before the physical prototypes are available. 
 
Keywords: Squeak and rattle, Subjective listening test, Temperature variation, Psychoacoustic metrics 

1. INTRODUCTION 
In the view of customers, the presence of squeak and rattle implies a defect in the car and the need 

for a workshop visit, which incur additional warranty costs to carmakers (1). The rattle is a 
phenomenon that happens when two adjacent parts impact and make nonstationary impulsive noises. 
This can happen in a car cabin due to various reasons. An improper design concept, an inappropriate 
set of materials, ageing and change in ambient condition can cause a silent car to start demonstrating 
squeak and rattle problems. Yet, the effect of many of these contributors are not fully taken into 
account during design phases and they are mainly dealt with only when physical prototypes and 
especially physical complete vehicle prototypes are available (2). The main reason for this is either the 
lack of knowledge about highly nonlinear mechanisms behind squeak and rattle, or the lack of proper 
methods capable of predicting squeak and rattle status in design phases. Therefore, understanding the 
contribution of important parameters to the generation of squeak and rattle sounds , like the ambient 
condition variation, is a key step towards the upfront prediction and elimination of squeak and rattle 
events in car design and development processes. Temperature change not only is a source of 
occurrence of rattle sounds but it can have an impact on the quality of the generated sound as well. This 
is both due to the resulted geometrical variation imposed by expansion or shrinkage of parts, as well as 
the change in mechanical properties of impacting parts (3). Squeak and rattle have been studied under 
temperature changes. Trapp and Pierzecki studied the effect of temperature change (+20 oC and +49.8 
oC) on the sound pressure level of generated squeak sound for selected coatings for automotive 
elastomers and plastics (4). However, previous studies (5) showed that in order to capture the 
behaviour of rattle sounds psychoacoustic parameters, like  Zwicker loudness (6), have to be 
employed. There have also been studies to improve the prediction of the perceived annoyance of rattle 
sounds by considering the impulsive behaviour of rattle sounds (7) and utilising other psychoacoustic 
parameters than loudness (8). Thus, the previous studies suggest the importance of conducting 
research on the effect of temperature change on generated rattle sounds from different materials, 
incorporating psychoacoustic parameters.  

                                                        
1 Corresponding author: Mohsen Bayani, mohsen.bayani@volvocars.com 
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In this study, it is shown that the temperature variation during the generation of rattle sounds 
influence the perceived annoyance of rattle sounds to different extents for different plastic and 
metallic materials. The conclusions are made with the aid of a psychoacoustic metric that was designed 
based on the listening jury survey that was conducted in this work. In order to study the temperature 
effect in a broader operational range, a rattle generating apparatus was built that facilitates parameter 
variation, like different impact gaps and material pairs, in the design of experiments . 

2. DESIGN OF EXPERIMENTS 

2.1 Parameter Variation 
Plastic and metallic parts have different physical properties, and they can be influenced by 

temperature changes to various extents. In this research, the materials that were studied include steel 
(St), aluminium (Alu), Polypropylene (PP), PC-ABS (PC) and Polyamide 66 (PA66). These materials 
are widely used in interior trim parts of passenger cars as well as in the structural components of the 
instrument panel and side doors. Rattle sounds were generated in different temperatures: +40 oC (10% 
relative humidity); +20 oC (50% relative humidity); -10 oC (40% relative humidity). In order to 
generate the rattle sounds under controlled laboratory condition, a test stand was designed and built 
that is depicted in Figure 1. The test stand consisted of an aluminium beam (1) with a rectangular cross 
section, which was clamped at one end and on the tip of the beam at the other end an exchangeable 
material insert was included (2). The beam was excited by a quiet shaker (3) that was attached to the 
beam by a rod (4). The material insert at the end of the beam was located in front of an exchangeable 
counterpart with the same geometry as the insert. The counterpart was attached to an impact hammer 
(5) that was fixed to the test stand through a length adjusting mechanism (6). The adjustable length was 
used to vary the contact gap in the impact point at the tip of the beam with a precision of 0.1 mm. The 
experiments were done by adjusting the installation gap between the two material inserts from a minus 
gap (pretention condition) to the zero gap (just in touch condition) and positive gaps. The design space 
for different material pairs and variations of gap and temperature are summarised in  Table 1. The 
experiments were performed for a full one-sided pair test and the results were measured for all gap and 
temperature variations for each material pair. 

Table 1 - Parameter variation in experiments  

Parameter  Parameter variation 

Material samples  Steel Aluminium PP PC-ABS PA66 

Initial Gap at impact point (mm)  +1      +0.5      0      -0.5 

Temperature (oC) @ humidity  +40 @ 10%      +20 @ 50%      -10 @ 40% 
 
For the apparatus to comply with the behaviour of the interior parts of the passenger cars, the first 

eigenvalue of the beam was adjusted to happen at 40 Hz. This lies between the common range for the 
first eigenvalue of body, closures and interior subsystems of a passenger car (35 to 45 Hz). For further 
information about the design details of the test setup please refer to (9). 

 

Figure 1 - Rattle producing apparatus used to collect sound samples 

2.2 Data Acquisition  
A stochastic signal was defined as the input signal in a way to reach the recommended value of 0.5g 
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acceleration at the impact point in a frequency range of 20 to 100 Hz (1). Audible squeak and rattle 
sounds are in the frequency range of 200-10000 Hz (2). During the test, at frequencies above 200 Hz, 
the background noise level was measured below 20 dB, which is in the recommended range for 
performing squeak and rattle tests (1). For a better reproduction of the recorded sound stimuli in the 
listening test, the sound collection was performed by using BHS II binaural headset mounted on an 
HMS IV artificial head connected to SQuadriga II data acquisition system, all from Head Acoustics. 
The acoustic head was located at 60-cm-distance in front of the impact point and at the same height. 
The complete test setup is shown in Figure 1, where the test stand is mounted in the semi-anechoic 
climatic chamber. Sound recording was done at the sampling rate of 48 kHz and with 24-bit 
quantisation. The sound samples were trimmed into five-second-long sound signals with the peak 
nonstationary loudness of the recorded sound happening at the centre of each stimulus. 

3. LISTENING JURY TEST 
In this work, in order to elicit the opinions of people about the annoyance level of rattle sounds, a 

subjective listening test was done. The design and conduction of the experiment were done by 
following the guidelines for conducting listening clinics (10), to guarantee the objectivity, reliability 
and validity of the experiment. The listening test was set in a listening room with the calibrated 
headphones and the projected in-cabin image of a passenger car. The experiment was a paired 
comparison with magnitude estimation (10) and the participants were asked to listen to pairs of sounds 
at each time and decide on the relative annoyance level of the second stimulus, assuming the 
annoyance level of 100 for the first sound. The length of each sound stimulus was trimmed to five 
seconds, followed by one second of silence and then the next five-second stimulus. Three stimuli were 
selected as the reference sounds among the pairs: the recorded sounds in room temperature from the 
steel/steel, PC-ABS/PC-ABS and PC-ABS/aluminium pairs with +0.5 mm gap at the impact point. 
These three sounds were used to facilitate the judgement task by comparing different combinations of 
metallic or plastic materials against a reference sound from the same category. However, in order to 
reduce the probable biasing effect, some of the stimuli were rated against a reference sound from a 
different category. The full-block paired comparison of the reference pairs was included in the 
experiment. The experiment consisted of 105 pairs, played back in a randomised order, out of which 21 
pairs were allocated for response consistency check. This resulted in a 28-minute-long experiment, 
excluding the introduction session before each trial and feedback session at the end.  In total, 18 jurors 
participated in the experiment. All were using cars at least on a weekly basis, among which 8 were 
expert engineers dealing with squeak and rattle sounds in the automotive industry. The average age of 
the participants was 36.4 years. The demographics of the participants are presented in Figure 2. 
Participants were 13 males and 5 females and all had a normal hearing ability. Majority of the 
participants did not have high knowledge of psychoacoustics and experience in listening tests. Apart 
from the expert engineers, the rest had low experience on the measurement of squeak and rattle sounds.  

 
Figure 2 - Listening clinic jurors’ information. PsyAco: psychoacoustics knowledge; S&R: experts in S&R; 

Clinic: previous experience in listening test 

4. RESULTS OF THE LISTENING JURY TEST 
The consistency of each participant was calculated using the results of the circular triads and 
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repeated pairs in the paired comparison experiment. The responses of the jurors with consistency value 
above 50% were opted to be used in this study, resulting in excluding the responses from two of the 
participants. In addition, among the pairs, there were some sound stimuli that did not receive 
consistent responses from most of the jurors, mainly because of the relatively lower sound pressure 
levels compared to the reference stimuli. This included five room temperature stimuli and two cold 
condition stimuli that were excluded from the study. Mean values of the measured rattle relative 
annoyance for all participants and expert jurors for three material pairs are given in Figure 3. The 
boxplots in Figure 3 show the first and third quartile values and the responses beyond the distance 
equal to the interquartile distance from the box edges are considered as outliers. The arithmetic 
average and median of responses are presented by stars and dash lines, respectively. Apart from the 
just in touch condition (0 mm gap) for Aluminium-Aluminium pair in all temperatures and for Steel/PP 
in room temperature and for PP-PA66 in cold temperature, the difference between mean values of all 
participants and expert jurors were below 10%. Adjusting the gap for the just in touch condition was 
very sensitive to the mechanical adjuster in the apparatus, resulting in less reliable responses from the 
subjective listening test. This is also reflected in the large confidence intervals of results for the sounds 
recorded in the just in touch condition, as shown in Figure 3. 

 
Figure 3 - Subjective rattle relative annoyance for temperature variation; H: hot (+40 oC), R: room 

temperature (+20 oC), C: cold (-10 oC)) 

5. PSYCHOACOUSTIC CHARACTERISATION 
In this study, in order to provide a more quantified and objective understanding of the effect of 

temperature variation on the annoyance level of rattle sounds for material pairs in the car cabin, 
psychoacoustic metrics were used. Firstly, the best-correlated metrics with listening jury test were 
identified and then the estimated annoyance levels of all recorded sound stimuli were calculated. 

5.1 Psychoacoustic Parameters 
Rattle sounds have fast time-varying properties and often a rattle sound is composed of very short 

events. Henceforth, to capture the overall characteristics of the rattle sounds different standard 
psychoacoustic parameters need to be incorporated (5,7,8,11). Accordingly, in this work, the following 
single value parameters were employed to predict the perceived annoyance of rattle sounds. 
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5.1.1 Nonstationary Loudness DIN 45631/A1 (N) 
Loudness is a fundamental psychoacoustic measure that represents the human perception of sound 

volume with a linear scale. The unit of loudness is sone. The loudness of 1 sone by definition 
corresponds to a sine tone of 1 kHz frequency with a sound pressure level of 40 dB (6). In DIN 
45631/A1, calculation method was extended to determine the loudness of time-varying sounds.  
5.1.2 Sharpness DIN45692 (S) 

Sharpness determines the ratio of the high-frequency content of a sound signal. Sounds with high 
sharpness cause higher irritation as perceived by humans. Sharpness is measured by acum. One acum 
corresponds to the sharpness of a narrow band noise at 1 kHz and a sound pressure level of 60 dB (6). 
5.1.3 Roughness (R) 

Roughness represents the human perception of variation in the frequency content of a sound tha t 
often happens as pulsation or beating. Roughness is measured by aspar. One aspar equals to roughness 
of a tone sound at 1 kHz and 60 dB sound pressure level that its amplitude is 100% modulated at a 
frequency of 70 Hz. The calculation is based on the hearing model of Sottek (12). 
5.1.4 Impulsiveness (I) 

Impulsiveness indicates how humans perceive the distinctive sound level alterations that happen in 
fast events. It indicates how fast and intensive sound signal changes with respect to the stationary 
background noise. The calculation method is based on Sottek hearing model and can be found in (13). 
5.1.5 Kurtosis (K) 

Kurtosis is a statistical measure that can indicate the presence of peaks in a signal. Therefore, it can 
be an indication of impulses in a sound signal. Compared to impulsiveness, Kurtosis is not a 
psychoacoustic measure and does not have a linear relation with human feeling (13). 

5.2 Psychoacoustic Annoyance Metric (PA) 
Subjective results of the listening jury test were used as the ground to identify the psychoacoustic 

metrics that capture the annoyance level of the recorded rattle sounds with the highest precision. 
Referring to the results of the jury test, partly presented in Figure 3, the mean values lies within the 
interquartile range and close to the median, for almost all of the sound stimuli apart from just in touch 
condition. In addition, the difference between mean value results from expert and non-expert jurors, 
for most of the sound stimuli apart from the just in touch condition, was less than 10%. Hence, 
arithmetic mean value results of all participants were chosen for identifying the psychoacoustic 
parameters that best capture the annoyance level of rattle sounds. Stimuli that received responses with 
the highest consistency, less skewed responses and the least standard deviation values from the results 
of the listening test were chosen for designing the rattle annoyance metric as presented in Table 2. 

Table 2 - Selected pairs for psychoacoustic metric design 

Gap variation +1 mm +0.5 mm 0 mm -0.5 mm 

Steel-PP  H - C - R - - - C H R - 

PP-PA66   - - C - R - H R - H R - 

Alu-Alu H - - H - C   H R C 

H (Hot): +40 oC, R (Room temperature): +20 oC, C (Cold): -10 oC. 
 
For each stimulus, the arithmetic mean, maximum value and 95th and 90th percentile values of the 

psychoacoustic metrics, introduced in section 5.1, were calculated and normalised using Artemis 
SUITE 8.2 software and MATLAB. The coefficient of determination (R2) and root-mean-squared error 
(RMSE) values for the normalised psychoacoustic measures versus normalised jury results of the 
selected pairs, indicated in Table 2, were calculated. Based on the calculated correlation and error 
values the following measures were identified to best describe the annoyance level and to be used in 
the regression solution for the psychoacoustic annoyance metric: 

 I10: 90th percentile value of impulsiveness 
 Km: the arithmetic average of Kurtosis measure 
 N10: 90th percentile value of nonstationary loudness 
 S10: 90th percentile value of sharpness 
 R5: 95th percentile value of roughness 
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The above measures were employed in nonlinear multivariable regression with constrained 
coefficients to design the rattle perceived annoyance metric. After examining multiple regression 
solutions, terms with low significance and effect on the response were removed from the regression 
solution. The best fit was achieved with the coefficient of determination values (R2) of 0.46 and 0.60 
and root-mean-squared error (RMSE) of 32.17 and 10.60 for all sound stimuli and the selected stimuli 
(in Table 2), respectively. The psychoacoustic annoyance metric (PA) is given in Equation (1) 

PA = 0.53I10 + 4.55Km+0.63N10+1.54R5+0.01Km2+ 

0.99R5
2 9.97

I10

0.36
N10

13.7
S10

+55.01 
(1) 

6. RESULTS OF PSYCHOACOUSTIC ANNOYANCE METRIC AND DISCUSSION 
The calculated annoyance values by proposed psychoacoustic metric (PA) in Equation (1), in 

comparison to the measured annoyance levels from the listening test for temperature variation, are 
given in Figure 4. For the cases with the absence of an interval box, no experimental results were 
available. The sound stimuli that were used in the regression solution in Equation (1), are marked by 
blue diamonds on the x-axis in Figure 4. Alongside the estimated values by PA, the psychoacoustic 
single values present in the PA formulation are illustrated in Figure 4. In most of the cases, apart from 
the zro-mm gap, the PA metric estimates the trend of the change in perceived annoyance levels for 
varied temperatures and within the interquartile range of the measured results.  In agreement to a 
previous study (5), Results also confirm that among the individual single values, nonstationary 
loudness best estimates the annoyance levels of the sound stimuli. However, the proposed PA metric is 
capable of predicting the trend of changes in the perceived annoyance levels with higher accuracy. 

 
Figure 4 - Estimated PA and normalised single psychoacoustic values vs. measured rattle annoyance for 

temperature variation; H: hot (+40 oC); R: room temperature (+20 oC); C: cold (-10 oC) 
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Using the proposed annoyance metric (PA), annoyance levels were calculated for all recorded 
sounds from all material pairs in all impact gap and temperature conditions, as listed in Table 1. The 
estimated annoyance levels by PA metric for hot and cold temperature results relative to room 
temperature are depicted in Figure 5. For a better understanding, the results are clustered for different 
material pairs of types metallic-metallic, metallic-plastic and plastic-plastic pairs. Referring to the 
results given in Figure 5, for metallic pairs, in 50% of the cases a decrease in temperature results in 
12.7% higher perceived annoyance on average. In 8% of cases, a decrease in temperature reduces the 
annoyance level by 10.2%, on average. In the remaining 42% of cases, a clear trend is not observed. 
For plastic pairs, 33% of the cases indicate an average increase of 8.7% in the annoyance level by a 
decrease in the temperature, while just 4% of the results show an adverse effect with an average of 
4.8% and in 63% of the cases a clear observation cannot be recognised. For cross material 
combinations of metallic-plastic pairs, in 46% of cases, a drop in temperature leads to sounds with 
9.7% higher annoyance level, on average and the other 54% of results do not denote a clear pattern.  
Parts with just in touch (0 mm gap) and small positive gap conditions are the common sources for the 
generation of rattle sounds in the car cabin. If only gap conditions of +0.5 mm and 0 mm are taken into 
account, in 69% of the cases, a drop in temperature makes the generated sounds to be perceived 8.5% 
more annoying on average. However, 24% of the results show an opposite effect with an average of 
8.5% less perceived annoyance. 

 
Figure 5 - Estimated annoyance by PA metric relative to room temperature for clustered material pairs.   (a) 

-0.5 mm and +0.5 mm gaps; (b) 0 mm and +1 mm gaps; 
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7. CONCLUSIONS 
In this research, the effect of temperature variation on the annoyance level of rattle sounds 

generated in the laboratory condition was investigated. It was shown that temperature variation has a 
significant effect on the perceived annoyance of generated rattle sounds that can result up to 40% 
change in perceived annoyance level, for a change of temperature from -10 oC to +40 oC. It was 
discussed that according to the results of estimated annoyance levels for all different material pairs of 
types metallic-metallic, plastic-plastic and metallic-plastic, the risk of generation of rattle sounds with 
higher annoyance levels is more probable to increase by a temperature drop. However, in some cases, 
an adverse effect was observed. The annoyance metric proposed in this work was designed by the 
nonlinear multivariable regression solution with constrained coefficients with reference to the results 
of the conducted listening test. The method for measuring the perceived annoyance level of the rattle 
sounds in the experiment was paired comparison with magnitude estimation. The sound stimuli were 
recorded from a rattle producing apparatus that was built for this work. The single values of the 
standard psychoacoustic parameters were employed in the formulation of the proposed psychoacoustic 
metric. The approach used in this study, to estimate the annoyance level of emitted rattle sounds in the 
car cabin as a result of temperature variation, can be employed to develop a rattle test machine that can 
be used to form a database for different automotive material pairs at different boundary conditions 
when exposed to various ambient conditions. This database can be incorporated with geometry 
variation analysis results to increase the robustness in the design development phases of a passenger 
car. By knowing the impact of temperature change on resultant rattle sounds, requirements for gap and 
pretention in critical interfaces can be adjusted accordingly during the requirement setting phases. In 
addition, this database can be employed to help the treatment and understanding of rattle issues in the 
physical verification phase and the end-of-line activities in the production phase as well. 
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depending on the plans of the roadside buildings 
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ABSTRACT 
It is necessary to investigate the noises of backside blocks which are transmitted through the 
roadside buildings since many old residences and shops are located in these areas. The noise of the 
backside roads is influenced by the following factors such as the height of the roadside buildings, the 
distance between the road and the backside streets, distance among adjacent roadside buildings, and 
the difference of the adjacent building heights.
The present paper aims to investigate the influence of these factors on the noise of the backside area 
of the roads. In order to this, the noise levels were measured in 9 urban blocks of a city. The both 
noise levels on the road and the backside street were measured simultaneously at the designated 
points of each urban block.
As the results, there is no significant noise reduction due to the width of the buildings in general. 
However, in the cases of buildings arranged on one axis beside the road, it was found that the 
average noise reduction was 12dB on the basis of the building height of 4m. Also, it was found that 
for each 4m increase of the building height, noise reduction occurred by 2dB. In general, it was 
proved that the noise of the back streets is mainly affected by the lowest height of the roadside 
buildings. It was found that noise is increased by 1dB for each 4m increase of the height difference 
between adjacent buildings. Also, it was revealed that for each 0.5m increase in the distance between 
roadside building, noise is increased by 1dB.  
Finally, the equation for calculating the reduced noise level at the backside area is suggested. 
Through the experimental verification, it was revealed that the suggested formula can be a g
ood method for predicting the reduced noise levels at the backside area of an urban block. 
Also, it was confirmed that the noise of the backside area is affected by the plan and buildi
ng dimensions of the roadside buildings. 

 
Keywords: Road traffic noise, Urban block, Backside area, Roadside buildings, Noise levels 

1. INTRODUCTION 
Noises from the main roads reach backside area through the roadside buildings. However, the 

noise of the back district is important (1) since many shops and residences are located in these areas. 
The noise of the backside roads is affected by the following factors such as the height of the roadside 
buildings, the distance between the road and the side streets, distance among adjacent roadside 
buildings, and the difference of the adjacent building heights.  The present paper aims to investigate 
the influence of these factors on the noise of the backside area of the main city roads. 

Many software programs for predicting noises are easy to present the 3D mapping with the 
inclusion of many variable, however they are not sufficient for considering the reflection a nd 
diffraction effects of the noises in the real environment. That is why there is not little difference 
between the predicted noises and real measured noises in the complex city where many buildings are 
concentrated in a city block. 

                                                        
1 chhaan@cbnu.ac.kr 
2 zing_kys@naver.com 
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2. MEASUREMENT OF THE ROAD TRAFFIC NOISES 

2.1 Target Urban Blocks Investigated 
The urban blocks are built in lattice type by the intersection of the roads. In urban blocks, there are 

various types of buildings with different shapes so that they may have their own characteristics in 
transmitting the noises through them to backside area. Also, there are many spaces among buildings 
which can be the passages of noise transmission to the backside area.  (2) 

In order to investigate the influence of the roadside buildings on the noise of backside area, 9 blocks 
were selected in a busy city in Korea. All the blocks have traffic noise levels of more than 10dB in 
comparison with the background noise levels. Table 1 shows the road width, speed limit, and traffic 
volume of each target areas investigated. The geometric and space information of roadside buildings 
was obtained through the Spatial Open Platform of the National Geographic Information Institute  (3,4). 
Traffic volumes were investigated by the camera for 5 minutes.  

 
Table 1 – Road width and traffic volume in the  target urban blocks. 

Target 
blocks Speed limit Road width 

Traffic volume  
(for 5 min) 

light 
vehicle 

Heavy 
vehicles 

A 50 km/h 21.8 m 142 22 
B 50 km/h 15 m 105 12 
C 50 km/h 15.4 m 98 10 
D 60 km/h 15 m 115 23 
E 50 km/h 20.1 m 112 17 
F 50 km/h 13.2 m 67 5 
G 30 km/h 13 m 108 16 
H 60 km/h 34 m 358 31 
I 60 km/h 34.2 m 342 21 

 

2.2 Road Traffic Noise Measurements 
Noise measurements were carried out during the daytime at the 9 blocks. The noise levels on the 

both roadside road and backside streets were measured simultaneously. Leq for 10 seconds were 
measured during the vehicles’ driving. Noises were measured at the  several points including the center 
and end points of buildings and the point in between adjacent buildings. Microphones were place 1m 
away from the outer wall of buildings with height of 1.5m from the floor.  Fig. 1 displays the noise 
measurement points of each block and the division of the backside area (X and Y). 

 

Figure 1 – Location of noise measurement positions and the division of backside areas (X and Y)
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2.3 Results of the Noise Measurements 
As a result, the roadside noise levels of the 9 urban blocks were from 67.0dB to 75.6dB in average, 

meanwhile backside noise levels were from 49.3 dB to 57.2dB. Table 2 lists the average noise levels of 
each roadside and backside streets of the 9 blocks. It was examined that roadside noise levels exceed 
the noise criteria of 65dB in all the blocks, while backside noise levels exceed the noise criteria of 
55dB in A,C,D,E,H blocks. The maximum noise reduction at the backside area was occurred at I block 
with 19.2dB.  
 

Table 2 – Measured average noise levels of the roadside and backside area. dB(A) 

Target 
block 

Roadside noise 
[dB(A)] 

Backside noise 
[dB(A)] 

Noise difference 
[dB(A)] 

A 71.4 56.0 15.4 
B 67.0 53.0 14.0 
C 71.0 55.7 15.3 
D 69.6 55.9 13.7 
E 71.4 56.6 14.8 
F 69.0 52.7 16.3 
G 67.1 49.3 17.8 
H 71.9 55.5 16.4 
I 71.8 52.6 19.2 

Average 70.0 54.1 15.9 
 

3. NOISES ANALYSIS IN THE BACKSIDE BLOCKS 
 

3.1 Noise Analyses 
Fig. 2 shows the definition of the dimensions of the roadside building which affect the noise levels 

at the backside area. Through the noise analysis, it was shown that noise levels at the backside region 
(X) of buildings and the region in between buildings (Y) are different. Noise levels at the center point 
and end points of the backside region (X) of building are also different since noises are diffracted at the 
edge of the buildings. Nevertheless, the average noise levels of X are used for analysis. 

 

Figure 2 – Roadside building dimensions affecting the noise level of the backside area.

It was analyzed that noise levels in X region are being decreased with increasing building height. 
Fig. 3 displays the average reduced noise levels at X region according to the height of the roadside 
buildings. It was found that for each 4m increase of the building height, noise reduction occurred by 
2dB in average. Table 3 shows the round-off noise levels deduced by the roadside building height. 
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Figure 3 – Reduced noise levels at the backside area (X) by the building height (h). 

Table 3 – Reduced noise levels in the backside area (X) by the building height (h). 

Building 
height (h) 4 m 8 m 12 m 16 m 20 m 22 m 

Reduced 
noise level 

(H) 
12 dB(A) 14 dB(A) 16 dB(A) 18 dB(A) 20 dB(A) 22 dB(A) 

The noise levels in Y region are different with the levels in X region. It was analyzed that noise 
levels in Y region are affected by three factors of the roadside buildings. 

1) Height of the adjacent buildings (h) 
2) Distance between adjacent buildings (d) 
3) Difference of building height of adjacent buildings ( ) 

 
First, in case of that adjacent buildings have same height, the noise levels in Y region are also being 

decreased with increasing building height. Fig. 4 displays the average reduced noise levels at Y region 
according to the height of the roadside buildings when adjacent buildings are separated by 1.5m. It was 
found that for each 4m increase of the building height, noise reduction occurred by 3dB in average. 
This value is bigger than the reduced noise level at P region while the absolute values at Y region is 
still greater than those of P region. 

 

Figure 4 – Reduced noise levels at the backside area (Y), when the adjacent buildings have same height.
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Secondly, when adjacent buildings have same height, the noise levels in Y region are increased by 
the separation distance between two adjacent buildings. Fig. 5 displays the average reduced noise 
levels at Y region according to the distance between two adjacent buildings with same height of 12m. 
It was revealed that for each 0.5m increase of the separation distance (d), noise increased by 1dB in 
average. This value is bigger than the reduced noise level at P region while the absolute values at Y 
region is still greater than those of X region. 

 

Figure 5 – Reduced noise levels at the backside area (Y) depending on the separation distance (d).

In order to find the variation of the noise levels in Y region affected by the buildings height (h) and 
the separation distance (d), the difference of the reduced noise levels at the X and Y region by those 
two factors are listed in Table 4. 

Table 4 – Difference of reduced noise levels (D) at the backside area X and Y by 
two factors; separation distance(d) and the height (h) of adjacent buildings [dB(A)] 

Items 
Adjacent two buildings height (h) 

4 m 8 m 12 m 16 m 20 m 

Separation 

distance (d) 

0.5 m 0 1 2 3 4 

1 m -1 0 1 2 3 

1.5 m -2 -1 0 1 2 

2 m -3 -2 -1 0 1 

2.5 m -4 -3 -2 -1 0 

Lastly, when adjacent buildings have same separation distance, the noise levels in Y region are 
increased by the difference of the building height ( ) of the two adjacent buildings. Fig. 6 displays 
the average reduced noise levels at Y region when one building with 4m height is adjacent with 
different heights of buildings. It was found that for each 4m increase of the difference of adjacent 
building height ( ), noise increased by 1dB in average. Table 5 shows the averaged reduced noise 
levels at Y region depending on the height difference of adjacent buildings. It was also known that the 
noise levels in Y region are determined by the lower height of building when two adjacent buildings 
have different heights. 
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Figure 6 – Reduced noise levels at the Y region by the height difference (∆h) of the adjacent 
buildings, when the lower building is 4 m high with the separation distance of 1.5 m. 

 
Table 5 – Reduced noise levels at the backside area (Y) depending on 

the height difference ( h) of the adjacent two buildings. 

Building height 

difference (∆h) 
4 m 8 m 12 m 

Reduced noise level 

(HD) 
-1 dB(A) -2 dB(A) -3 dB(A) 

 

3.2 Noise Prediction Formula suggested 
Through the noise analysis of the three factors which affect the noise levels at the backside area, the 

equation for calculating the reduced noise level at the backside area is suggested as follow; (5) 
 

 
where, RN : Reduced noise level at the Y region [dB(A)] 
H : Reduced noise level at the X region by the building height (h) (refer to Table 4) 
D : Reduced noise level at the Y region by separation distance of building (d) (refer to Table 5) 
HD : Reduced noise level at the Y region by the building height difference ( ) (refer to Table 6) 
 
H and D are calculated on the basis of the lower height (h) of the two adjacent buildings. Since 

there are no buildings in front of Y region, reduced noise level (H) at the X region by the building 
height was used for calculation of the reduced noise level at Y region. It is also because there are 
almost same value of the reduced noise level at the both X & Y regions taking into account the factor 
of building height only. 

4. VERIFICATION OF THE SUGGESTED FORMULA 
In order to verify the suggested equation, two new blocks (P & Q blocks) were selected to be 

investigated besides 9 blocks. These two blocks have buildings with different height (h), separation 
distance (d), building t height difference ( ) in comparison with the existing 9 blocks. The reduced 
noise level at the backside area of these two blocks were calculated using the suggested equation. Also, 
noise levels were measured in the same way at the P & Q blocks. Lastly, the measured level difference 
was compared with the predicted level using this equation.  

Table 6 shows the information of the road traffic conditions of P & Q blocks. Table 7 shows the 
building heights (h) and the separation distance (d) of the four consecutive buildings in each P & Q 
blocks.  
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Table 6 – Road traffic conditions of P and Q blocks 

Block Speed 
limit 

Road 
width 

traffic volume  
(for 5 min) 

Light 
vehicle 

Heavy 
vehicles 

P 60 km/h 21 m 158 30 

Q 30 km/h 9 m 65 8 

 
Table 7 – Building height and separation distance of the consecutive buildings in P & Q blocks. 

Blocks P Q 

Building 
height (h) 

P1 P2 P3 P4 Q1 Q2 Q3 Q4 

12.3 m 16.4 m 21.8 m 14.3 m 6 m 4 m 8 m 8 m 

Separation 
distance (d) 

P1-P2 P2-P3 P3-P4 Q1-Q2 Q2-Q3 Q3-Q4 

1 m 0.5 m 1.1 m 2.2 m 2.1 m 1.86 m 

 
Table 8 and Table 9 show the predicted and measured value of reduced noise levels at the X and Y 

regions of the P & Q blocks respectively. In Tables 8 and 9, it was revealed that the number of error of 
the predicted values of the reduced noise levels at the backside area is within 1 dB at the both X and Y 
regions which is smaller than the 3 dB JND of the noise levels.  

Table 8 – Comparison of the reduced noise levels at the X region 
of P & Q blocks both predicted (H) and measured values [dB(A)] 

Block Predicted value 
(H) 

Measured noise 
difference Number of error 

P 

P1 16 15.9 0.1 

P2 18 18.2 0.2 

P3 21 21.4 0.4 

P4 17 16.1 0.9 

aver. 18 17.9 0.4 

Q 

Q1 13 13.2 0.2 

Q2 12 12.2 0.2 

Q3 14 14.5 0.5 

Q4 14 14.6 0.6 

aver. 13.25 13.63 0.38 

 

4397



 

 

Table 9 – Comparison of the reduced noise levels at the Y region 
of P & Q blocks both predicted (RN) and measured values [dB(A)] 

Blocks Predicted value 
(RN) 

Measured noise 
difference Number of error 

P 

P1-P2 16 17 1.0 

P2-P3 19 19.8 0.8 

P3-P4 16.5 15.9 0.6 

aver. 17.2 17.6 0.8 

Q 

Q1-Q2 8 8.8 0.8 

Q2-Q3 8 8.3 0.3 

Q3-Q4 12 11.7 0.3 

aver. 9.3 9.6 0.47 

 

5. CONCLUSIONS 
The present paper aims to predict the noise levels at the backside area using the only information of 

the roadside buildings. Through the results and the analyses of the study, it was revealed that the 
suggested formula can be a good method for predicting the reduced noise levels at the backside area of 
an urban block. Also, it was confirmed that the noise of the backside area is affected by the plan and 
building dimensions of the roadside buildings. 
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ABSTRACT 
Infrasound can be excited by global phenomena such as tsunamis and volcanic eruptions. Because infrasound 
travels significantly faster in the atmosphere than tsunami gravity waves, early detection of tsunamis can be 
achieved by monitoring the infrasound. To accurately identify a tsunami source (i.e., the position of the 
infrasound source), using numerous sensors distributed with long baselines is important. We developed a 
low-cost infrasound observation device using micro-electro-mechanical systems-based atmospheric pressure 
sensors. To test its usability, indoor and outdoor tests were conducted using multipoint observations. In the 
indoor experiments, the infrasound was excited by opening and closing a door and by bursting a large balloon. 
The accuracy of time synchronization was examined by setting the infrasound observation devices across 
different points in a room. The results demonstrated that the errors in time synchronization are tolerable. In 
the outdoor field test, the infrasound excited by fireworks during a festival was observed at multiple points in 
Sendai, Japan. Furthermore, as a large-scale infrasound observation experiment, we measured the infrasound 
excited by volcanic eruptions in Sakurajima, Japan. The results showed that the source position can be 
estimated with reasonable accuracy for an infrasound with an amplitude of over 5 Pa (waveform noise). 
This suggests the potential suitability of the device in estimating the source position of tsunami-scale 
earthquakes. 
  
Keywords: Infrasound, Atmospheric pressure sensor, Source position estimation 

1. INTRODUCTION 
Large-scale disasters such as strong earthquakes, huge oceanic gravity waves (tsunamis), and 

volcanic eruptions often generate sound waves, the frequency spectra of which have components 
below the human audible frequency range (i.e., below 20 Hz) [1]-[3]. Such a low-frequency sound is 
called infrasound, which is analogous to infrared radiation emitted in the form of low-frequency 
light. Infrasound travels at approximately the speed of sound, i.e., in the range of 310–343 m/s, at 
20°C in the atmosphere, whereas a tsunami wave travels at a speed of 221 m/s at an oceanic depth of 
5000 m along the ocean surface [4], and its speed reduces as it approaches the coast because the speed 
is proportional to the square root of the ocean depth. Consequently, the infrasound waves generated by 
tsunamis will reach the coast earlier than the tsunami waves. Furthermore, the infrasound generated 
by tsunamis provides information on the shape and wavelength of the tsunami waves [5][6]. 

As infrasound in atmosphere travels significantly faster than tsunamis, early detection of tsunamis 
can be achieved by monitoring the infrasound [7][8]. To accurately identify the source positions of 
tsunamis as those of infrasound sources, installing numerous sensors distributed along the coast with 
long baselines is necessary. However, constructing new infrasound monitoring networks will be 
expensive since traditional infrasound sensors (micro-barometers) are expensive.  

Therefore, in our previous study [9], we developed a small infrasound observation device using a 
low-cost atmospheric pressure sensor (BME280 BOSCH) based on micro-electric mechanical 
systems (MEMS) technology and a microcomputer (Raspberry Pi 3, Raspberry Pi Fund). A field test 
was carried out to evaluate the usability of the device by deploying it 13 km away from an active 
volcano (Sakurajima in Japan). The results showed that the low-cost device can be used to observe 

                                                        
1 sai@ais.riec.tohoku.ac.jp, yoh@riec.tohoku.ac.jp  
2 ryou@nict.go.jp  
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Figure 1 – New infrasound observation device comprising eight MEMS pressure sensors 

 

 
      (a)                (b) 

Figure 2 – Noise test waveform results of (a) old device and (b) new device 
 

infrasound waves at frequencies down to 0.01 Hz, similar to how a conventional micro-barometer is 
used. Moreover, it enables the detection of a signal with a peak-to-peak amplitude of around if the 
signal level is sufficiently high, e.g., more than 10 Pa. 

However, the noise level and thus the error were much higher in the higher frequency range. 
Therefore, in the present study, to improve the signal-to-noise ratio (S/N), eight MEMS pressure 
sensors were stacked on a single board to assemble a new infrasound monitoring device. To test its 
performance, indoor and outdoor experiments were conducted using multipoint observations. In this 
article, we introduce the outline of the new device and report the experimental results.  

2. NEW INFRASOUND OBSERVATION DEVICE 
Figure 1 shows the external appearance of the new infrasound observation device, which consists 

of eight MEMS barometric pressure sensors (BME 280, BOSCH), a microcomputer (Raspberry Pi, 
Raspberry Pi Fund), and a GPS base. The device uses the eight MEMS sensors to improve the SN 
ratio by averaging the eight output signals. To make the device compact, the modules were designed 
to fit in a case of dimensions 12 cm (width) × 12 cm (depth) × 10 cm (height). For the measurement, 
after synchronizing the time with GPS, an infrasound is recorded as the temporal change in the 
atmospheric pressure at a sampling rate ranging from 1 to 50 Hz with 16-bit quantization.  

Figure 2 shows the results of the noise test waveform obtained using the device at a sampling rate 
of 50 Hz. Compared with a previous test waveform based on only one MEMS pressure sensor [9], 
the waveform noise is reduced by approximately 10 dB (low-pass filter of 256 order and a cutoff 
frequency of 20 Hz). The results show that the new device enables the detection of a signal with a 
peak-to-peak amplitude in the range of approximately 5–6 Pa. This means that it is possible to sense 
infrasound if the peak-to-peak sound pressure level is approximately 108 dB or more.  
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Figure 3 – Comparison of infrasound waveforms         Figure 4 – Experiment environment 
(Comparison of infrasound waveforms generated         (Comparison of time waveforms between  
by door opening/closing between two devices)           two devices)  

3. EXPERIMENT 1: INDOOR EXPERIMENTS 

3.1 Verification of time synchronization  
The time synchronization between the devices was tested using two devices when the infrasound 

was generated. The experiment was conducted in a soundproof room at the Research Institute of 
Electrical Communication, Tohoku University. The infrasound was excited by opening and closing a 
door to change the atmospheric pressure in the room. The device was set adjacent on a desk placed in 
the soundproof room, and the measurement was conducted by opening and closing the door twice in 
10 s.  

The DC component was removed by subtracting the average value of the signal. The time 
difference between the sensors was calculated from the phase restriction correlation after the 
resampling was carried out at 100 Hz (the original sampling frequency was 50 Hz). As a result, the 
time difference ranged from a minimum of 3 ms to a maximum of 152 ms. Figure 3 shows the 
infrasound waveforms when the time difference is maximum. This confirms an accuracy of less than 
one sample point between two devices. 

3.2 Estimation of distance between devices 
To accurately estimate the sound source position, the infrasound signals should be recorded with 

correct time differences between the devices. Therefore, we checked the arrival time differences of 
the infrasound when opening and closing the door using the multiple observation devices and 
estimated the distance differences between these devices. As shown in Figure 4, 14 devices are 
distributed in line at intervals of 1 or 2 m in a quiet room at the Research Institute of Electrical 
Communication, Tohoku University (room size is 22.0 m × 9.7 m). As the infrasound generated by 
opening and closing the room door did not exhibit clear peaks, in this experiment, a pulsive 
infrasound was generated by bursting a large balloon (90 cm in diameter at the inflated state).  

The peak signal was confirmed by bursting large balloons in multiple devices. The speed of sound 
was calculated using the relationship 331.5 + 0.6 t [m/s], where t is the temperature in degree 
Celsius; the temperature was 16°C in the experiment. The distance between the observation devices 
was estimated from the arrival time difference between two of the 14 devices. As the sampling 
timings of each device are different, the difference in the arriving times was calculated by 
performing resampling at 100 Hz, and the phase difference of each peak signal was then calculated.  

Table 1 lists the experimental results. For an actual interval of 17 m between M1 and M14, the 
estimated distance was 14.6 m as the arrival time difference was 0.04 s, resulting in an error of 2.4 m. 
The results showed that the time errors are tolerable because these devices are used at a sampling 
rate of 50 Hz. On the contrary, the estimated distance between M1 and M11 showed a large error of 
49.8 m. This might be an artifact due to the reflected waves in the room and/or asynchronization due 
to the lack of GPS radio waves; this is a subject for future study. Except for this case, the distances 
between the devices could be acquired with acceptable accuracy when the distance between the 
devices is 15 m or more. Therefore, the device exhibits an acceptable accuracy for sensing 
large-scale natural disasters such as tsunamis and volcanic eruptions.  
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Table 1 – Examples of estimation results for distance between devices 

Comparison data 
(Device number) 

Arrival time 
difference (s) 

Estimated distance 
(m) 

Actual  
interval (m) Error (m) 

M1-M14 4.3 × 10–2  14.6 17 –2.4 
M1-M13 5.3 × 10–2 15.8 15 +0.8 
M1-M11 17.8 × 10–2 60.8 11 +49.8 
M6-M13 3.9 × 10–2 13.2 10 +3.2 
M7-M12 2.0 × 10–2 6.8 7 –0.2 

 

4. EXPERIMENT 2: OUTDOOR FIELD TEST 

4.1 Observation of infrasound due to explosion of fireworks 
Using the 18 new devices, we measured the infrasound excited by the explosion of fireworks during 

a festival at multiple points in Sendai, Japan, from 19:00 to 20:30 on August 5, 2018. As shown in 
Figure 5, two devices are set at each of the nine observation points from A to I around the fireworks 
venue. In the figure, the observation point is indicated by two-dimensional coordinates, the origin of 
which is the fireworks launch site. Table 2 lists the distance coordinate values of the nine points.  

Figure 6 shows the observation results of the two devices C1 and C2 set at the measurement point 
C, as an example of the experimental results. The most significant peaks are observed at around 
19:24:30 at point C, as shown in Fig. 6. Similar peak signals are also observed at both points D and 
E. Moreover, this peak signal, which was judged as an infrasound generated by an explosion of a 
firework, could not be observed at points other than C, D, and E.  

The source position was thus estimated using the arrival time difference between each device, 
using only six data points from the observation points C, D, and E, where the peak could be observed. 
Specifically, with Equation (1), which was used in a previous study [10], the sound source position 
(u, v, d) was estimated using the sound source position (u, v), distance d (distance from the sound 
source to the shortest observation point), and sound speed c. In Equation (1), Tij (i, j = 1-6) indicates 
the peak time difference between devices i and j, and (Xi, Yj) indicates each observation point. As a 
result, the coordinate (u, v) was found to be (–288, –92), located 290 m away from the actual 
fireworks launch position. This error may be attributable to the two-dimensional estimation while a 
three-dimensional sound source estimation would be necessary to obtain better estimates for the 
explosion points in the air a few hundred meters above the ground.  
 

 
Figure 5 – Position of nine observation points A–I (the triangles represent the launch position, and 
the numerical values represent the distance from the launch point [m] 

 
Table 2 – Position of observation points 

Measurement 
point 

Coordinates 
(m) 

Distance from 
sound source (m) 

Measurement 
point 

Coordinates 
(m) 

Distance from 
launch point (m) 

A (–336, 99) 350 F (–138, –250) 286 
B (–214, 144) 258 G (403, –254) 476 
C (–208, –48) 207 H (345, –370) 506 
D (–191, –114) 222 I (176, 87) 196 
E (–276, –191) 336    
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Figure 6 – Observation results for the two devices C1 and C2 

 

 

4.2 Observation of infrasound due to volcanic eruptions 
As a large-scale infrasound observation experiment, we measured the infrasound excited by 

volcanic eruptions in Sakurajima, Japan. Sakurajima is an active volcano located in the southern part 
of Kyushu Island, Japan, and it is the best infrasound observation environment in Japan because it 
erupts frequently.  

As shown in Figure 7, four devices are set at each of the four observation points (A to D) around 
the Sakurajima area. The Japan Meteorological Agency announced that an explosive eruption was 
observed at 18:27 on January 9, 2019, in Sakurajima. Figure 8 shows the observation results of the 
four devices near the time when the eruption was reported. The figure was obtained by subtracting 
the DC component for easy comparison. 

The most significant peaks were observed with an amplitude in the range of approximately 30–
40 Pa in all the devices. This peak signal could be judged as infrasound generated by the volcanic 
eruptions. For each data, after passing a finite impulse response low-pass filter of order 256 and a 
cutoff frequency of 20 Hz, only the frequency range below 20 Hz (the bandwidth of infrasound) was 
extracted. Thereafter, the arrival time difference between each device was estimated using the 
phase-limited correlation method, and the sound source position was estimated. As in the experiment 
on estimating the sound source position in the fireworks case, the sound source position (u, v) was 
calculated using Equation (1). As a result, the coordinate (u, v) was found to be (5412, -1012), 
located approximately 93 m away from the actual sound position.  

 

 
Figure 7 –Position of four observation points 
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Figure 8 – Observation results for four devices 

 
In this experiment, all devices could detect the infrasound, unlike that in the fireworks 

experiment, in which the peak signal amplitude was low, and the separation of noise and infrasound 
was an issue. The error in the infrasound source localization was found to be 93 m. Nevertheless, 
considering that volcanic eruptions have a scale of several thousand meters, the estimation of the 
sound source position is acceptably accurate. This suggests that estimating the sound source position 
in a real environment is possible for an infrasound with an amplitude of over 5 Pa (waveform noise).  

5. CONCLUSIONS 
In this study, we developed a new infrasound observation device stacked with eight low-cost 

MEMS atmospheric pressure sensors to improve the signal-to-noise ratio. We conducted multipoint 
observation experiments with indoor and outdoor field tests. In the indoor experiments, the accuracy 
of time synchronization was examined by positioning the infrasound observation devices at different 
points in a room. The results showed that the errors are within tolerable values. 

In the outdoor field test, the infrasound excited by the explosion of fireworks during a festival 
was observed at multiple points in Sendai, Japan. The results showed that the source positions can be 
estimated with reasonable accuracy; however, a three-dimensional sound source estimation would be 
necessary to obtain better estimates. Furthermore, as a large-scale infrasound observation experiment, 
we measured the infrasound excited by the volcanic eruptions in Sakurajima, Japan. The results 
demonstrated that the source position can be estimated with reasonable accuracy for an infrasound 
with an amplitude of over 5 Pa (waveform noise). These results suggest the usability of the device in 
estimating the source position of tsunami-scale earthquakes. 
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ABSTRACT 
The urban noise problems aggravate when roads and buildings configurate urban canyons, especially due to 
quasi-reverberation phenomenon. This study objective was to propose mitigating measures for urban canyon 
situations. To know sound behavior in these places, it was carried out sound pressure levels monitoring in an 
urban canyon, in 4 characteristic rush hours, to evaluate the variation of sound levels during the day. On 
morning rush hour, the monitoring was done on 10 floors of a building to evaluate sound levels variation with 
increasing altitude, along the façade. The noisiest periods of the day are late afternoon (18:00 - LA,eq=73.8 
dB) and early in the morning (08:00 - LA,eq=72.8 dB). There was a predominance of low frequencies at all 
periods and floors measured. Sound levels do not decrease with increasing height uniformly, being the third 
floor the noisiest (LA,eq=69.3 dB). The mezzanine causes an acoustic shadow on the leisure storey, therefore 
the noise levels on this floor are the lowest (LA,eq=62.4 dB). The monitoring results, both on the floor and in 
height, exceeded the acceptable levels of Brazilian technical standards by 8 dB to 24 dB, depending on the 
situation. Measures have been proposed to mitigate noise pollution.  
 
Keywords: Traffic noise, Noise monitoring, Mitigating Measures 

1. INTRODUCTION 
According to World Health Organization (WHO), knowledge of the health damage caused by noise 

are increasing as well as authorities concern. Previously surveys, in six countries, had pointed to noise 
pollution as the third largest factor in the environmental burden of disease, expressed in 
disability-adjusted life years (DALYs). Later, WHO have shown burden of disease from environmental 
noise as the second highest, losing only for air pollution. WHO estimates that a quarter of European 
Union population is exposed to noise levels that causes a wide range of health effects, directly related 
to sound or not, from some simple to serious problems, including reduction in life expectancy. Cities 
are essentially noise producers, however, the largest source of urban noise is traffic, mostly road traffic 
(1, 2, 3, 4, 5). 

To minimize problems caused by noise and prevent people from being exposed to levels above 
adequate parameters, organizations and governments create guides, standards and laws . In Brazil, the 
national standards that gives parameters to guarantee acoustic comfort are ABTN NBR 10151 (6), 
ABNT NBR 10152 (7) and ABNT NBR 15575 (8). Brazilian legal references are Lei de Crimes 
Ambientais, Lei nº 9.605/98 (9), Resoluções do CONAMA nº 001and 002 (10, 11).  

In dealing with urban canyons, noise problems became even worse. According to Oke (12) an urban 
canyon is consisted of the walls and the ground, that is usually a street, between two adjacent buildings 
and references (13, 14) said that the geometry of the canyon is related to the height and thickness of the 
buildings. The buildings alignment can vary along the canyon. An urban canyon can be identified by 
Equation 1, that gives the “aspect ratio” (AR) and is the relation of the height of the buildings and the 
width of the street.  

 (1) 
Where H1 and H2 are the buildings heights that contour the canyon and W is the street width.  
The measured sound level at urban canyons is composed of the direct sound and 

quasi-reverberation, a non-diffused reverberation, that consists of flutter echoes between the façades 
of the buildings that delineate the canyon (14). 
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This search objective, then, was to monitor the sound at ground level and in a building façade, 
located on an urban canyon of Maringá city, confirm that the sound levels were not in accordance with 
the standards and laws, so that mitigating measures could be proposed.  

2. Method 
According to the objectives this research is exploratory, and the technical procedures used are 

experimental (15).  

2.1 Experimental site 
For the accomplishment of this study, was chosen an urban canyon located in the Maringá City, 

being this part of the Special Zone 1, defined on the Lei Complementar (LC) 331/99 (16), that was 
replaced and supplemented by LC 888/11 (17), and specified by LC 416/01 (18). The special zone is 
part of the Zona 1 neighborhood and is called Novo Centro. It is divided into three glebes (A, B, C) and 
the urban canyon is located on Advogado Horácio Raccanelo Filho Avenue, in Glebe A. Although 
today this region is in the central part of the municipality, there passed a  line of merchant train, in the 
streets level, and the place was abandoned for a while, after the train loading locations were transferred 
outside the city. The zone was revitalized after the 2000s, along with the lowering of the railway line, 
and that is the reason why it is named as the “new downtown”. As it is part of the center, the LC 
stipulated that use and occupation of soil should be composed by multifamily housing, commerce and 
central and vicinal services, excluding gas stations.  

Due to the geometric, use and occupation characteristics determined on (18) and implemented on 
Novo Centro, the Advogado Horácio Raccanelo Filho Avenue configures an urban canyon, and 
therefore it was chosen to be the experimental site. The law stipulates that the Glebe A must be 
occupied with a basement consisting of two floors, ground floor and mezzanine, intended for use of 
commerce and services, and with a vertical block, residential or for use of commerce and services. 
This obligation of a vertical block gave rise to the urban canyon. The constructed area of the basement 
must be at least 50% of the total land area, distributed throughout the front width of the lot, with 
openings for garages, parking lots and galleries transverse to the building alignment permissible. 
Pillars are allowed in the building alignment, with the external face concordant with the alignment and 
maximum dimensions of 80 centimeters in parallel to the alignment and 50 centimeters transversely to 
it. The height of the lining of the gallery formed by the basement should be at least 3.50 meters and at 
most 5.50 meters. The maximum height of the base must be 10 meters, considering the height between 
the sill of the building and the upper face of the flat roof, guardrail frame or roof. All lots of the Novo 
Centro must obey the frontal recoil of the ground floor, of 3 meters, which should continue the walk, 
free of steps, unevenness and longitudinal or transverse ramps.  The utilization coefficient of Novo 
Centro is 6, the biggest in the city. The occupancy rate is 50% for the towers and 90% for the other 
floors. The aspect ratio calculated for the measurements point in the avenue is 1.40, what characterizes 
the urban canyon, that can be seen at Figure 1a. 

Other building characteristic of the site is the galleries formed at the ground floor by the mezzanine , 
a different situation that is interesting to evaluate and analyze how sound behaves on this circumstance. 
A profile of the site is shown in Figure 1b, where it can be seen that the avenue has two avenue tracks 
and a parking lane for each direction, the cycle lane at the center, sidewalks and the galleries.  

The measurements had two phases, the first was the monitoring of traffic noise daily variation, 
described at 2.2 and the second was the monitoring of traffic noise variation along the building façade, 
presented at 2.3. 

2.2 Monitoring of traffic noise daily variation 
The objective of this phase was to evaluate the daily variation of traffic noise and to verify at what 

time the sound levels were stronger. As urban canyon situations are critical for sound propagation, the 
measurements of traffic noise variation along the day were made under this condition. It was chosen 
only one point of the avenue to do this, in front of the building where the measurements of the second 
phase of the study would be made. This spot is shown in Figure 2.  

Four measurements, lasting one hour each, were taken at the hush hours. The stipulated timetables 
for measurement were from 7:15 a.m. to 8:15 a.m., from 11:30 a.m. to 0:30 p.m., from 1:00 p.m. to 
2:00 p.m. and from 5:30 p.m. to 6:30 p.m. To ensure the validity of the results, the day of 
measurements was a typical traffic day, a Wednesday, July 4, 2018. The equipment was positioned on 
the sidewalk, 1 meter from the curb, at 1.20 meters from the ground.   
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Figure 1 – a) Urban canyon formed at the Advogado Horácio Racanello Filho Avenue; b) Geometric scheme 

of the experimental site 

 

 

Figure 2 – a) Maringá city map; b) Urban canyon and measurement point (19) 

Map data: Google, DigitalGlobe and CNES/Airbus 
The sound level meter used was the Solo SLM 01dB, that gives sound spectrum, Leq,A, L10, L50 and 

L90 parameters, which are sensitive to the random characteristics of traffic noise. The sound level 
meter was configured to collect data every second. It was fixes to a tripod. At minute 00, 30 and 60 of 
each measurement, the temperature and the air relative humidity were measured. To gauge temperature 
and humidity it was used a CEM DT-321 temperature and humidity meter.  

2.3 Monitoring of traffic noise variation along the building façade 
The noise monitoring along the building's façade was done in a dwelling that was being built. The 

building has 14 typical floors and is located in a street corner, at the end of the urban canyon, however, 
because it extends into the block and the monitoring was carried out on the balconies more internal to 
the canyon, the measurements were carried out without considering the effects of end of canyon. As 
the first floor protrude forward from the building alignment, it was decided to make the measurement 
on the ground floor (on sidewalk), on the leisure, first, second, third, fourth, seventh, tenth and 
thirteenth floors. For the ground floor measurements, the tripod was used to support the equipment. 
For other floors, the sound meter level was coupled to a bracket to fit balcony structures so that the 
sonometer was two meters outside the building.

The sonometer was the same as that used on the first phase, but the measurements on each floor 
lasted only 2 minutes, since 9 measurements would have to be made at the same hush hour (one-hour 
period) of the same day, making a longer monitoring impractical. The sound meter level collected data 

b) 
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every second. It had been observed in the first phase of the s tudy that sound levels from 5:30 p.m. to 
6:30 p.m. were the largest, so it would have been appropriated to measure the levels in the façade in 
this period. However, the office hour of the dwelling where monitoring was taken ends 5:30 p.m., 
making impossible to make the measurements at that time. Therefore, the period chosen for the second 
phase of measurements had the second highest sound levels, from 07:15 to 08:15. The measurements 
were made on a typical traffic day, July 7, 2018. While all the measurements on the façade were being 
carried out, the temperature and relative humidity of the air were measured. Figure 5a shows the photo 
of the measurement on the leisure floor, Figure 5b shows the photo of the measurement on the tenth 
floor and Figure 5c shows the layout of the building with the measuring floors and the height of each 
floor from the ground. 

Figure 3 – a) Measurement at leisure floor; b) Measurement at 10th floor; c) Geometric scheme of the 
measured building 

In the next section the results will be presented.  

3. RESULTS AND DISCUSSION 
With sound pressure levels (SPL) for frequencies and hours (first phase results), it was plotted a 

graphic of frequency by SPL, for the 4 periods of monitoring. That is presented at Figure 4. As 
expected for a traffic noise evaluation, noise was higher at the lower frequencies. At this phase, in the 
morning the temperatures were around 17 ºC, at the time of other measurements, around 27 ºC. The sky 
was clear. 

 
Figure 4 – graphic of frequency [Hz] X SPL [dB], for the 4 periods of monitoring 

The Lilliefors method was used to verify the normality of the data. For the measurements of the first 
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monitoring period, only the time of 7:15 was not normal, since the other schedules, because they have 
the maximum distance smaller than the critical one, were proven as normal. For the measurements of 
the second phase, which had less data, of the 9, only 2 were normal.  

The monitoring at each floor lasted two minutes (second phase). The data collected with these 
measurement times are representative because is higher than the minimum monitoring time for the 
local traffic volumes at this period. Author (20) developed a parameter for minimum monitoring time 
according to the traffic volume. Based on that parameters and the volume for the period of almost 3000 
equivalent vehicles per hour, it was noticed that less than 1 minute of monitoring would be required,  
validating the data obtained from the 2-minute measurements. 

At this stage, temperatures varied around 10° C and the sky was clear.  Graphics of frequency by 
SPL of each floor were plotted in Figure 5. As it was expected for traffic noise, the strongest levels 
were at the lower frequencies for all storeys. 

 Ground level Other floors  
Figure 5 – graphics of frequency [Hz] X SPL [dB] for all measured floors 

From analyses of the graphics and calculations, it is possible to observe regions of suppression and 
superposition of waves in some frequencies, for certain floors, for example, a suppression on the 20-25 
Hz region, on the 7th floor, and a superposition on the 50-63 Hz region, on the 10th floor. This is due to 
the difference in wavelengths of each frequency and the distance from the sound source to the building 
façade. Beyond the site geometry influence in the results, depending on the frequency and height in the 
building, there may be zones where the waves are in phase, what is the superposition of them, 
increasing the sound pressure levels. In other regions, there may be a difference of half wavelength 
between the direct and reflected waves that arrives at the façade, which means there is suppression of 
them, reducing the SPL. 

Measurements were carried out from bottom to top on the façade. However, the leisure storey, 
which should have been the third measured if followed this logic, was the last one. To verify if the 
inversion of the upward order had interfered in the sound behavior profile of the building façade, the 
data of the first hour of the phase one of measurements (7:15 a.m. to 8:15 a.m.) were separated into 4 
periods of 15 minutes. The leisure floor was measured at the fourth period. From the 15-minute 
intervals SPL tables, L90, L50 and L10 values were extracted. With this procedure it was observed that 
L90 and L50 at the last of the four periods were the worst and L10 was the second higher value. Even 
though the last period presented bad results, the SPL on the leisure storey were the lowest. With this 
analysis, can be inferred that the low sound pressure levels measured at leisure floor were caused by 
the building and site geometries. This behavior was already expected since de mezzanine protrude 
forward from the building alignment producing a region of acoustic shadow, in which the leisure floor 
is inserted. 

This significant noise reduction in almost all frequencies  can also be seen both in Figure 6a, that 
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represents the graph of SPL by building height for octave band frequencies, and in Figure 6b, that is the 
graph of SPL by building height in terms of measured LA,eq and ideal LA,eq. This ideal theorical 
behavior of SPL correspond to that expected for an open and unobstructed field, disregarding any 
sound reflections and attenuations. Sound behavior on the building differs from the theorical due to the 
building format, the geometry of the region and the reverberant urban canyon effect. The theorical 
sound SPL can be calculated by Equation 2.  The ideal LA,eq plotted in Figure 6b was calculated from 
this equation and represented the expected SPL for the floors levels where the levels were measured, 
for a 87dB-power linear source in the free field situation. 

 (2) 

Where: LP is the SP [dB]; LI is the sound intensity level [dB]; W´ is the linear sound power [W/m]; 
r is the distance from source to receptor point; and LW’ is the linear sound power level [dB/m]. 

  
Figure 6 – a) graphic of SPL [dB] X building height [m] by frequency; b) Graphic of measured and ideal LA,eq 

[dB] X building height [m] 

It was noted that the site and building geometries strongly influenced the  measured SPL in the 
façade. Because of that, it is understood that the results could vary if the measurements had been taken 
in another building of the avenue. This is because sound obey optical properties, characteristic that 
becomes more significant in cases of urban canyons, due to quasi-reverberation. So, the sound 
behavior is expected to change if the site and building geometries change. To estimate how this 
behavior would be, Kang et al. (21) elaborated an equation (Equation 3) to describe sound distribution 
considering the geometric study of the square, for diffusely reflecting boundaries, what eliminates the 
need for multiple monitoring. Equation 3 is for point sources, but a line source can be simplified as a 
combination of multiples sources.  

 (3) 

Where Q is the source directivity factor, r is the source-receiver distance [m], L is the square length 
[m], W is the square width [m], H is the square height [m], S is the total surface area (including an 
imaginary square ceiling) [m2] and αT is given by Equation 4.  

 (3) 
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Where  is the average absorption coefficient (including an imaginary square ceiling), m is the air 
absorption factor and V is the volume (V ) [m3]. This analysis was not considered on this paper, 
but it could be applied to compare the theorical results with the measured ones.  

With the data, it was observed that in every situation analyzed the SPL exceeded the noise limits for 
daytime period established by LC 218/98 of Maringá city (22) and ABNT NBR 10151 (2000) of 55 dB, 
A-weighted. In the balconies case, results of 8 to 14 dB above the limit was found. For the ground floor, 
the situation was even more critical, with equivalent levels of 14 to 23 dB above the ideal. Because of 
this, it is recommended that attitudes are taken to reduce noise levels and regularize the situation.  

According to a study elaborated by Kook et al. (23), traffic noise can be divided mostly into three 
elements: aerodynamic, from the engine and from the friction of the tires with the pavement. For the 
studied case, as the maximum speed permitted in the avenue is 50 km/h, the friction component is 
predominant, surpassing the aerodynamic component by approximately 10 dB and being higher than 
the engine component by approximately 5 dB. The aerodynamic component can be practically ignored, 
but the engine part must be considered.  

In dealing with the engines, technology already permits production of vehicles that emit a sound 
power so low that it can be despised for this speed range, specially for light vehicles. The improvement 
in the engine performance is the solution for that component, however, it only works if the cars used by 
the population have silent equipment. This can be guaranteed by legal devices. In case of cars and 
motorcycles, the city may impose stiffer automotive noise emission limits and improve control devices. 
Thinking beyond noise problems and aiming to make the city more sustainable it may be forbitten or 
overtaxed the use of cars that are not electrical, since they are more silent. In dealing with big vehicles, 
restriction on non-electric vehicles may also be implanted, both for trucks and busses. In addition, 
trucks may suffer movement restrictions in the city.  

Knowing the main noise-causing parcel (friction of the tires), the efforts to mitigate noise problems 
can be focused on it. One measure capable of reducing this component is the reduction of the speed 
limit to 40 km/m, an easy and fast change to implement, however its efficiency depends on the drivers 
respect for the new limit. Drivers disrespect for limits can be faced with speed cameras on the road. 
Road safety would also be improved with this solution. Another way to treat friction portion is 
changing the pavement of the road to one that produces less noise with the friction of the tires or that 
is more absorbent and is less reflective, reducing emission of the noise generated during the passage of 
the vehicles to the atmosphere. In cases where it is not possible to change the entire pavement, it is 
interesting that it is recapped with an acoustically more appropriate material. A material that could be 
tested is pavement with crumb rubber modified binders (CRMB), as reference (24) that achieved 1.8 
dB SPL reduction with 20% of additive.  

To reduce reverberation effects due to urban canyon configuration both at the top of buildings and 
for pedestrians at street level building façade treatment is an option. The coating materials can be 
changed to more absorbent or diffusive ones. A good artifice is installation of green walls, which 
provides more benefits for citizens then only on noise matters.  

Another way to solve noise issues and, at the same time, to be compatible with sustainable 
principles and the concept of a city for people is changing totally the way that people move around the 
city center, banishing all private vehicles at downtown to prioritize bicycles and collective transport. 
In this case, busses could still be used or could be replaced by light rail or even metro.  

4. CONCLUSIONS 
The objectives of this research of monitoring traffic noise at ground level and in the building façade 

to understand sound behavior in an avenue of Maringá City to confirm that the levels were not in 
agreement with the standard so mitigating measures should be proposed were achieved. It was 
suggested measures to act directly on the two main components of the biggest noise-causing agent in 
the city, the traffic. There were from simple and fast implementation suggested actions to other more 
complex structural and conceptual ones.  

It was noticed that, in any situation measured, sound pressure levels were much higher than the 
permitted by the national standard and the municipal law. This happened even at the leisure floor, that 
is located on an acoustic shadow provided by the mezzanine, what caused an important reduction of 
noise levels, however, the equivalent noise level still exceeded the allowed one by more than 7 dB. 

For future researches, it is of great importance to test the solutions proposed, by applicating then e 
monitoring the sound levels at the same way that they were in this research, to attest its effectiveness 
and to verify which mitigating measure provides the greatest noise attenuation in urban canyon 
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situations and at ground level, to find solutions that are appropriate for other situations. At first, 
measures can be applied separately and then they can be combined. The changing of the energy matrix 
of heavy vehicles or the changing of the vehicles themselves can be verified by prohibiting them to 
circulate at the avenue for a study period. After that, all vehicle may be prevented from driving on the 
avenue to evaluate SPL if no vehicle passed through there. Absorbent materials might be installed on 
the building façades to see if the reverberant issues cause by urban canyon configuration would be 
solved. Then, the avenue speed limit may be reduced. Lastly an acoustically efficient pavement can be 
applied at the experimental blocks of the avenue. After testing the solutions separately, they can be 
tested in combination to se how they interact with each other.  

REFERENCES 
1. World Health Organization Assessment of needs for capacity-building for health risk assessment of 

environmental noise: case studies WHO Regional Office for Europe, Copenhagen, DK:2012. 
2. _____ Burden of disease from environmental noise: Practical guidance. WHO Regional Office for 

Europe, Copenhagen, DK:2011. 
3. _____ Environmental Noise Guidelines for the European Region. WHO Regional Office for Europe, 

Copenhagen, DK:2018. 
4. _____ Health and Environment in Europe: Progress Assessment. WHO Regional Office for Europe, 

Copenhagen, DK:2010. 
5. _____ Night Noise Guidelines for Europe. WHO Regional Office for Europe, Copenhagen, DK:2009. 
6. Associação Brasileira de Normas Técnicas. ABNT NBR 10151: Acústica – Avaliação do ruído em áreas 

habitadas, visando o conforto da comunidade – Procedimento. Rio de Janeiro: ABNT, 2000. 
7. _____ ABNT NBR 10152: Acústica – Níveis de pressão sonora em ambientes internos a edificações. 

Rio de Janeiro: ABNT, 2017. 
8. _____ ABNT NBR 15575: Edificações Habitacionais – Desempenho. Rio de Janeiro: ABNT, 2013. 
9. Brasil, Presidência da República. Lei de Crimes Ambientais nº 9605 de 12 de fevereiro de 1998. Dispõe 

sobre as sanções penais e administrativas derivadas de condutas e atividades lesivas ao meio ambiente, e 
dá outras providências. 

10. Conselho Nacional do Meio Ambiente. Resolução nº 001 de 23 de janeiro de 1986.  
11. _____ Resolução nº 002 de 8 de março de 1990. 
12. Oke TR. Boundary layer climates. Taylor & Francis Group: Routledge, Abingdon, UK: 1987. 
13. Karam HA, Pereira Filho J. Revisão dos métodos de Penmam e Penmam-Monteith e sua aplicação a 

cânions urbanos. Revista Brasileira de Metereologia. 2006; 21(1):86-106. 
14. Wilson M, Nicol F, Solomon J, Shelton J. Natural Ventilation in the Urban Environment: Assessment 

and Design. Earthscan, London, UK: 2005. 
15. Gil AC. Como Elaborar Projetos de Pesquisa. Atlas, São Paulo, BR: 2002. 
16. Maringá, Prefeitura Municipal. Lei Complementar nº 331 de 23 de dezembro de 1999. Dispõe sobre 

normas e padrões de uso e ocupação do solo para as zonas urbanas do município de Maringá. 
17. _____ Lei Complementar nº 888 de 5 de dezembro de 2017. Substitui a lei complementar nº 331/99, 

que dispõe sobre o uso e ocupação do solo no município de Maringá e dá outras providências. 
18. _____ Lei Complementar nº 416 de 21 de dezembro de 2001. Regulamenta o parcelamento, o uso e a 

ocupação do solo na área denominada Zona Especial 1 – Novo Centro. 
19. Google Earth: Image DigitalGlobe and CNES/Airbus. Europa Technologies, 2012. Acesse in 27 May 

2019. 
20. Donato SR, Monti R, Vecchione RV. Tempo minimo di integrazione per il LA,eq orario prodotto da 

traffico veicolare. Proc 33º Convegno Nazionale 06; May 2006; Ischia, Italy 2006. p. 65-8. 
21. Kang J, Yang W, Zhang M. Designing Open Spaces in the Urban Environment: a Bioclimatic Approach. 

Centre for Renewable Energy Sources, Greece: 2004. 
22. Maringá, Prefeitura Municipal. Lei Complementar nº 218 de 24 de abril de 2015. Dispõe sobre o 

controle e a fiscalização das atividades que gerem poluição sonora, impõe penalidades e dá outras 
providências. 

23. Kook HS, Lee D, Ih KD. Vehicle interior noise model based on a power law. Int J of Autom Tech. 2011; 
12(5):777−85. 

24. Vázquez VF, Luong J, Bueno M, Terán F, Paje SE. Assessment of an action against environmental 
noise: Acoustic durability of a pavement surface with crumb rubber. Sc Tot Environ. 2016; 542:223-30 

4413



Analysis of low-frequency noise from wind turbines
using a temporal noise code

Franck BERTAGNOLIO(1), Helge Aa. MADSEN(2), Andreas FISCHER(3)

(1)DTU Wind Energy, Denmark, frba@dtu.dk

(2)DTU Wind Energy, Denmark, hama@dtu.dk

(3)DTU Wind Energy, Denmark, asfi@dtu.dk

Abstract
This study is concerned with the modelling of low-frequency noise from wind turbines and the comparison
of model predictions with experimental data. The model consists of a wind turbine aeroelastic code that can
account for the effects of atmospheric turbulence combined with a noise generation model. The latter is based
on the well-known Farassat 1A formulation that can compute the noise generated by aerodynamic loadings on
the blades in the far-field. The results of the overall model are compared with noise measurements conducted
on two wind turbines. The input parameters of the turbulence model are tuned to reflect the actual atmospheric
conditions during the measurement periods. The comparisons show a relative good agreement between the
predicted and measured low-frequency noise levels.

Keywords: Low-frequency noise, Wind turbine, Noise modelling, Field measurements

1 INTRODUCTION
With the deployment of increasingly larger wind turbines in rural area, but still relatively close to dwellings,

wind turbine noise is one of the major environmental concerns associated to wind energy. In this respect,

low-frequency noise (LFN) is pointed out as a possible threat to human health [15].

In the present study, a model is derived in order to evaluate the LFN emitted by a wind turbine. This model is

based on an existing aeroelastic code that can simulate the dynamic response of a wind turbine to the incoming

turbulent atmospheric wind. Here, mechanical noise is not taken into account. However, it is considered that

improvements of the sound insulation of the hub contribute to make this mechanism less pronounced for modern

wind turbines [14]. Two noise generation mechanisms are considered in the present model. The first one is the

interaction of the blades with the atmospheric turbulence (from about 10 Hz to a few hundred Hz). The second

is the blade-tower interaction with a blade passage frequency of the order of 1 Hz to a few Hz depending on

the wind turbine operational mode. Both mechanisms can be explained by the unsteady aerodynamic loading

on the blades which generates sound waves.

In the above-mentioned aeroelastic code, both the impact of the tower and of the atmospheric turbulence can be

modelled and the subsequent loading of the blades can be calculated. Using the noise model, it is then possible

to calculate the LFN generation.

The paper is organized as follows. The following section presents the several components of the proposed model

that is used to simulate LFN from wind turbines. The third section is concerned with the model verification

using existing LFN measurement data. Finally, conclusions are drawn.

2 A LOW-FREQUENCY NOISE MODEL FOR WIND TURBINES
The present LFN model consists of two components. The first one is the aeroelastic code HAWC2 which

calculates the aeroelastic dynamic response of a wind turbine to the incoming atmospheric wind. The second

is a noise generation model which converts the previously calculated aerodynamic loading on the blades into

noise predictions in the far-field. Both models are detailed below. Thereafter, the inputs for the aeroelastic code

4414



in the form of the parameters defining the incoming turbulent flow field are analyzed.

2.1 The HAWC2 Aeroelastic Code
The HAWC2 code [9, 1] is a multibody aeroelastic code designed to simulate the dynamic response of a wind

turbine to aerodynamic loading. It is used to predict structural vibrations and loads. Thus, it can be used as a

design tool for wind turbines. Each individual blade is discretized along its span into a number of elementary

beams. On each of these elements, the Blade Element Momentum theory by Glauert [7] is applied in order to

calculate the aerodynamic loading resulting from the incoming wind and the rotation of the blades. A variety of

unsteady atmospheric loadings (e.g. turbulence, gust) and other flow characteristics (e.g. wake from an upwind

turbine, tower flow disturbances and wake) can be accounted for in this model.

In particular, the model used to simulate atmospheric turbulence is the Mann model [12, 13]. It is based on a

spectral description of the turbulent flow field which is converted into a random turbulent velocity flow field.

The latter is convected together with the main wind speed assuming frozen turbulence (see Section 2.3 for more

details).

The flow disturbances created by the tower are altering the aerodynamic loading on the blades. The modified

flow upwind of the tower can be calculated and is used to simulate the case of an upwind rotor. The downwind

tower wake flow deficit can also be simulated, together with its impact on the blades of a downwind rotor (see

details in Section 2.3).

The HAWC2 code calculates in the time domain the aerodynamic loading on each of the discrete blade elements

in term of aerodynamic lift and drag. The resulting time-series for these quantities can be used to compute the

noise emissions as described in the next section.

2.2 Formulation 1A Model by Farassat
The method developed by Farassat [5] is shortly speaking a more advanced expression of Ffowcs Williams-

Hawking solution [6] of the original Lighthill’s acoustic analogy [10]. Its main asset lies in the fact that it

yields relatively accurate numerical evaluation of the acoustic pressure generated by a surface or object moving

in a fluid and interacting with it through some fluctuating aerodynamic loading, as well as the acoustic pressure

resulting from the displacement of the fluid created by the thickness of the object itself. Nevertheless, the

latter mechanism is negligible in the context of wind turbine operation. This noise generation model has been

implemented into the HAWC2 code as described in a previous publication [4].

Note that this model predicts time-series of acoustic pressure at prescribed locations away from the noise sources

(in our case, the discrete beam elements along the blade, see above) in the far-field. This time-series can be

Fourier transformed to obtain noise spectra, much in the same way that acoustic pressure recordings from a

microphone in the field are converted to sound pressure level spectra.

It should be noted here that noise propagation is not included in the present model. Only the geometrical

spreading of the noise as it radiates away from the turbines is accounted for. Nevertheless, the noise data that

are analyzed later in this paper are measured relatively close to the test turbines that are investigated. Therefore,

it is believed that other noise propagation mechanisms (e.g. air absorption) are relatively negligible.

2.3 Wind Velocity and Atmospheric Turbulence
As described earlier, the LFN generation is driven by two main mechanisms which are discussed in this section.

Firstly, the blade-tower interaction can occur in two distinct configurations. In the case of an upwind rotor, the

flow disturbances by the tower are simulated using a model based on the potential flow solution of the flow

around a circular cylinder as described in [9]. In the case of a downwind rotor, the tower shadow model (the

so-called JET wake model) is based on the boundary layer solution for a jet flowing into a fluid at rest and is

described in detail in the paper by Madsen et al [11].

Secondly, the Mann model [12, 13] is used to simulate the atmospheric turbulence. This model requires three
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input parameters:

• the turbulent energy content in the form of αε2/3 where ε is the turbulent kinetic energy dissipation rate

and α a scaling constant,

• the turbulence integral length scale L, and

• the anisotropy factor Γ.

The definition of the numerical values assigned to each of these parameters for the simulations is discussed

below.

It is found that the anisotropy factor Γ has little influence on the results. The value Γ=3.9 from the IEC 61400-1

standard for wind turbine design requirements is used [2].

A recent publication by Kelly [8] shows that the integral length scale L can be evaluated with reasonable

accuracy from standard 10 mins average anemometer measurements using the following approximation:

L ≈ σu/(dU/dz) (1)

where σu is the shear stress of the main wind velocity component and the denominator is the wind shear. For

the experimental data considered in this article, both values will be extracted from mast sonic anemometers. An

anemometer located at hub height is used for the shear stress. The wind shear is also evaluated at hub height

using the 6 other anemometers along the mast height (see below).

In the same above paper [8], the ratio between the measured σ 2
u and the theoretical variance of the velocity

components σ 2
iso for isotropic turbulence is found to be approximately equal to 5/3. This approximation should

remain valid as long as the surrounding terrain is not too complex (as it is the case for the terrain around the

Risø test station where the two turbines considered in the next section are located). Integrating the velocity

spectrum derived from the well-known von Kármán energy spectrum yields the following value for the variance

of an isotropic turbulent flow:

σ 2
iso = 0.688αε2/3L2/3

Combining the previous equation with the above mentioned ratio and length scale approximation gives the

following approximation for the remaining Mann model’s input parameter:

αε2/3 = 0.872σ 2
u L−2/3 ≈ 0.872σ 4/3

u (dU/dz)2/3 (2)

Concerning, the inflow wind velocity impinging the turbine rotor, a logarithmic profile is enforced in the cal-

culations presented later in this article. Denoting UH the velocity at hub height z=H, where z is the elevation

from the ground, then the wind velocity reads:

U(z) =UH ln(z/z0)/ ln(H/z0) (3)

where z0 is the roughness length which is tuned to fit the 10 mins averaged wind velocity profiles measured by

the met mast anemometers. From these values, the wind shear at hub height can be evaluated as:

dU/dz(z=H) =UH/
(
H ln(H/z0)

)
(4)

which in turn is used to compute the turbulence length scale L according to Eq. (1) and αε2/3 according to

Eq. (2) as inputs of Mann model.

The procedure to quantitatively define the above parameters to be used for modelling specific noise measurement

data in the next section is described below. Wind velocity profiles are evaluated from anemometers along the

met mast height using 10 mins average time-series. The roughness length is tuned so that the average measured

wind speed values match the computed value using Eq. (3). Thereafter, the wind shear can be computed using

Eq. (4). Its value is evaluated at hub height. It is important to note here that the influence of the wind shear
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on L and αε2/3 as defined by Eqs. (1) and (2) is considered as a characteristics of the particular atmospheric

conditions for the day (or rather the few hours) of the considered measurement campaign. It is thereby assumed

that the atmospheric boundary layer conditions remain qualitatively constant during that period of time. The

wind velocity at hub height is averaged over the whole measurement campaign and the resulting hub height

wind shear computed with Eq. (4) is considered as representative of the specific atmospheric conditions for that

day, and this latter quantity is used in Eqs. (1) and (2). In parallel, the met mast anemometer at hub height is

used to compute σu(H,UH) and a linear regression is performed based on 10 mins averaged of the wind speed

at hub height. The value of σu used in Eqs. (1) and (2) to evaluate L and αε2/3 makes use of this linear

regression using the wind speed of interest for each specific noise measurement data set (which are binned

according to the mean wind speed at hub height, see next section).

3 MODEL VERIFICATION
The results of the proposed model are confronted to experimental data that were acquired when measuring noise

from two wind turbines.

3.1 Risø Test Station for Wind Turbines
Noise measurements were conducted at the DTU-Risø campus on two wind turbines. The first one is the

NordTank NTK 500 with a 41 m rotor diameter and a hub height of 36 m. It is stall-regulated and operates with

a constant rotational speed. The second is a Vestas V52 pitch-regulated turbine with a rotor diameter of 52 m

and a hub height of 44 m.

Both turbines are equipped with various sensors that record the operational conditions such as rotational speed,

blade pitch, etc. In addition, met masts are located near the turbines. Wind speeds and directions, temperature

and other atmospheric quantities are measured at various heights up to the tip of the wind turbines. The

sampling frequencies for the acquisition systems are 35 Hz for the NTK 500 and 50 Hz for the V52 turbine.

Concerning the noise measurements, 8 ground microphones are placed on plywood boards around the turbines.

The microphones and the acquisition system are described in details in a previous article [3] where some of the

results of the experimental campaigns for the NTK 500 turbine were investigated. The set-up is identical for the

V52 measurement campaign.

3.2 Wind Velocity Profiles and Turbulence Parameters
As explained earlier, the results of the LFN model primarily depend on the inputs to the Mann model which

reduce to two main parameters: wind shear and turbulence intensity at hub height. Wind shear is computed

from the mean wind speed profile during the considered campaign, assuming that it does not significantly

change during that period. Figs. 1(a-c) displays the average wind velocity profiles, as measured by the met

masts anemometers, using a binning from the nacelle anemometers for the NTK turbine on Oct. 15-16 and 23

for the two first figures, respectively, and for the V52 turbine for the third one. From this measured data,

logarithmic velocity profile can be fitted by tuning the roughness length z0 in Eq. (3) for each individual case.

The second parameter of interest, the standard deviation σu, is evaluated from 10 mins time-series from met mast

anemometers at hub height and a linear regression is used in order to evaluate its actual value as a function of

wind speed. Both the 10 mins variances and the linear regression are plotted in Fig. 2(a-b) for the four cases

considered above.

Using the above measurement data, the parameters used as input for the Mann’s turbulence model are computed

according to the procedure described in Section 2.3 and quantitative values are summarized in Table 1 for the

different measurement campaigns.
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Figure 1. Wind velocity profiles (Lines: logarithmic profiles according to Eq. (3), Points: averaged velocities

measured by met mast anemometers and binned using nacelle anemometer).
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3.3 Low-Frequency Noise Spectra
Noise measurements, as well as background noise, for the NTK and the V52 turbines are reported in Figs. 3(a-c)

and 3(d), respectively. It can be observed that background noise contaminates the NTK turbine noise measure-

ments in the 40-100 Hz frequency band, mostly at low wind speeds, as far as the broadband noise spectra are

concerned. This part of the background noise probably originates from nearby road traffic, and possibly vege-

tation noise. In addition, numerous spurious peaks are also observed and these may be attributed to machinery

noise from the nacelle. Noise measurements for the V52 turbine also exhibit such peaks in this frequency range.

The peaks present in the background noise probably also originate from the wind turbine nacelle where internal

machinery still operates during standstill (e.g. cooling fans).

Background noise also contaminates the measurements below 20 Hz except for the NTK case on Oct. 16. It is

attributed to vegetation or ambient noise which is less predominant on Oct. 16 because of the relative lower

wind speeds that day (see Fig. 2). Note however that the microphones’ manufacturer provides a calibration

sheet down to 20 Hz with a very flat response function down to that frequency. Nevertheless, the measurement

data appear consistent with the model below this frequency, unless there is a surmised high background noise
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Table 1. Turbulence parameters for experimental campaigns at considered wind speeds.

Campaign/Wind speed z0 [m] dU/dz(H) [s−1] σu [m/s] L [m] αε2/3 [m4/3/s2]

NTK Oct. 15 - UH =6 m/s
1.0 0.0595

1.511 25.41 0.2305

NTK Oct. 15 - UH =10 m/s 2.109 35.46 0.3595

NTK Oct. 16 - UH =4 m/s 1.5 0.0355 1.115 31.41 0.1090

NTK Oct. 23 - UH =6 m/s
0.1 0.0388

0.565 14.57 0.0466

NTK Oct. 23 - UH =10 m/s 0.889 22.93 0.0854

V52 - UH =10 m/s
10−5 0.0174

1.347 77.47 0.0870

V52 - UH =14 m/s 1.061 61.06 0.0633

which is also consistent with the measured wind turbine noise spectra (see above).

The model results, using the input parameters for each test case as defined earlier, are also displayed in the

figures. It can be seen that there exists a general good qualitative agreement between measurements and model

results (leaving out background noise contaminations). The model reproduces correctly the quantitative increase

of LFN as a function of wind speed, although in some cases and some frequency ranges discrepancies between

the actual noise levels are observed.

4 CONCLUSIONS
A model for calculating the LFN emitted by wind turbines is proposed. One of the components of this model

is the Mann turbulence model used to simulate atmospheric turbulence. This latter model input parameters are

tuned using experimental data extracted from met mast measurements near the turbines that are investigated.

The Mann model is the primary component of the proposed model, in the sense that it is used to define

the turbulent flow field that impact the turbines and generate noise by interacting with the blades. The other

components of the model, which consist of the wind turbine aeroelastic model together with the generation of

LFN from aerodynamic fluctuations on the blades, are also described in this paper.

The results of the combined model are compared to existing noise measurements on two wind turbines. There is

a fair agreement between the model predictions and the experimental data. However, this is a preliminary study

and additional turbines must be investigated to validate the model. Indeed, the two turbines considered in the

present study are relatively old and small compared to modern MW-size turbines. Furthermore, the contribution

of the blade-tower interaction to the LFN emissions, even if these are included in the present calculations,

remains to be investigated in more detail. More specifically, the LFN emission from downwind rotors is of

particular interest.
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ABSTRACT 
One of the main challenges of environmental noise monitoring is the classification of noise events. This is 
critical for the assessment of individual noise source contribution to the overall noise level. Numerous 
attempts have been made to provide algorithms for such classification, however with low certainty. The main 
reason for poor results is the lack of proper noise features. For this purpose, a new feature "noise source 
direction" has been applied, based on a small horizontal microphone array. It uses a never seen before 
algorithm which is computationally inexpensive and provides exceptional beam-pattern directivity. The array 
is implemented as a part of an autonomous environmental noise source classification system. Some of the 
features are provided directly from the array itself and are combined with psychoacoustic metrics. Artificial 
Neural Network (Self Organizing Map) performs the classification based on extracted spatial and acoustical 
features of environmental noise sources. 
 
Keywords: Environmental noise, Classification, Self-Organizing maps, Psychoacoustics, Localization 

1. INTRODUCTION 
Environmental noise is defined as unwanted outdoor sound, created by human, animal o r 

environmental activities and it has become a growing world problem. Obtaining satisfactory 
measurements both in the time domain and spatially is one of the main challenges in environmental 
noise monitoring. The noise level at the point of measurement depends on a combined contribution 
from all surrounding noise sources. Also, Determining the contribution of a specific noise source is a 
frequent task acoustic laboratories have to perform. A typical example is depicted in Figure 1.  

 

 
 
Figure 1 – Environmental noise source measurement point where multiple noise sources are present 

 
 

                                                        
1 jure.murovec@fs.uni-lj.si 

4422



 

 

The problem arises when residual noise levels are comparable or even higher than the observed 
noise source. The contribution of main noise sources to the total noise level can be determined by 
extensive measurements under different operating conditions of individual sources. Different noise 
sources can operate simultaneously or at different time intervals while the duration of their operation 
is rarely deterministic. Therefore, the presence of personnel is always required to sample and record 
the operating conditions and the associated sound pressure levels (SPL). Another argument against 
extended periods of monitoring time are the changes in weather conditions which have a significant 
effect on monitored noise levels, (1-3). Continuous noise measurements are a credible source of 
information and a prerequisite for extrapolation when modeling, for example, traffic noise, (3,4). 
Expensive equipment, long measurement time and the need for educated staff are what makes such 
measurements expensive. Those around shipyards, ship ports, airports, factories, mines, and other 
large industrial areas, as well as in the city centers, usually require permanent installation of sound 
level measuring equipment. In such cases, the measurement equipment is left unattended and th e 
recording of the environmental noise levels, including residual noise, is performed automatically. If 
operators are present during the noise measurements, residual noise events can be excluded from the 
measurements and noise properties, including the classification of noise sources and their directions, 
can be recorded in situ. However, it is impractical and costly to assure the presence of certified 
personnel at the noise monitoring location over long periods of time.  

In order to control and reduce environmental noise, we must find new approaches of how to 
effectively measure it. People can very skillfully perceive and judge the general characteristics of the 
surrounding sound field. The computer does not have enough capacity to match this, so developing  
computational methods to automatically extract this information also has great potential in a variety 
of applications. Designing an environmental noise classification system that mimics the operation of 
educated personnel as much as possible should be the next logical step. A considerable amount of 
manual work can be saved by automatically determining the contribution of each individual noise 
source to the total noise level. 

As almost all environmental noise sources are placed far from the measurement loca tion, we can 
consider that the incoming sound rays propagate in a two-dimensional plane parallel to the ground. 
This leads to the assumption that one-dimensional microphone array can be applied for the purpose 
of spatial filtering and classification of environmental noise sources. 

2. AUTOMATION OF ENVIRONMENTAL NOISE MONITORING 
In the last decades, automatic noise identification and classification has become a very active 

subject of research. It can be directly or indirectly implemented into a very wide area o f topics, 
including speech recognition, pattern identification, and context-aware applications. In order to 
achieve automation of environmental noise monitoring, the equipment should mimic the operator's 
activities during measurements. Personnel classifies noise events depending on the noise level 
threshold, which can be similar to the background noise level, the direction of the noise source and 
the subjective noise recognition capabilities. The classification is therefore based on the experience 
of the operator.  

A pattern classification algorithm typically consists of a feature extractor and a classifier as seen 
in Figure 2.  Regarding classifiers, different systems and algorithms for automatic classification of 
environmental noise sources were already proposed including Hidden Markov Model, Neural 
Networks, k-NN, Support Vector Machine, and Fuzzy logic, dynamic time warping, and Gaussian 
Mixture Models (GMM) (5, 6, 7). 

 

 
Figure 2 – Block diagram of a typical noise classification system 
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Deep convolutional neural networks (CNN) have the ability to learn discriminative spectro -
temporal patterns and that makes them well suited to environmental sound classification. First, they 
are capable of capturing energy modulation patterns across time and frequency when  applied to 
spectrogram-like inputs, which has been shown to be an important trait for distinguishing between 
different, often noise-like, sounds such as engines and jackhammers (7). Neural networks tend to be 
extremely precise and more often than not, outperform other classification algorithms, (8-11). The 
problem with CNN is the vast amount of training data and time that is needed to fine-tune the classifier. 
Additionally, the algorithms are designed or learned for a specific kind of noise source to acqui re the 
best possible performance, (12). Generally, artificial neural networks are divided into two main 
categories: supervised and unsupervised. Self-Organizing Maps (SOMs) are competitive and 
unsupervised training networks of feed-forward type. There is no training data and no expected output 
for the learning process. SOMs are able to discover statistical similarities in the input space which 
they exploit and automatically cluster the data into different input classes. A SOM is built from nodes 
or neurons and can be visualized as a grid-like neural network array. The radius of surroundings is 
given by the number of neurons in the surroundings of the best matching unit (BMU) /winning neuron. 
Weight vectors of the same dimension as the input and at a particular position in the map space are 
associated with each node. Kohonen self-organizing neural networks have two layers, an input layer 
and an output layer, known as the competitive layer. Each input neuron is connected to every neuron 
on the output layer, the latter being organized as a two-dimensional grid, (13).  

While one part of the research deals with the classification itself, the other one concentrates on 
feature extraction. The commonly used features including the well -known mel-frequency cepstral 
coefficients or more specialized features such as histograms of sound events, or histogram of gradients 
learned from time-frequency representations. Although there has been some use of psychoacoustic 
metrics outside of their initial purpose, they have not yet been implemented in any kind of system for 
classification of environmental noise sources.  

Psychoacoustics is the science of the human perception of sound. It studies the relationship 
between sensory perception (psychology) and physical variables (physics) . Equations were developed 
to calculate a set of metrics to objectively describe the complex human perception of sound quality, 
(14). Loudness N (DIN 45631/A1), tonality T (DIN 45681) and sharpness S (DIN 45692) have already 
been standardized. Psychoacoustics is already widely accepted as an important approach in the design 
and manufacturing of products to attract and retain customers. This is especially true in the automotive 
industry, as car manufacturers have realized that the produced sound could also serve as a desired 
acoustic signal, giving the driver feedback about the functioning of the car. Gradually, the 
psychoacoustic technique has been spreading to other industrial areas, from the car door closing sound 
quality, design of centrifugal fans for vacuum cleaners, end-of-line inspection and gear fault diagnosis 
to a concept for the general detection of machine faults. If we want to mimic the operator's activities 
during measurements, the use of features that describe the human perception of sound is quite obvious.  

Practically all classification algorithms are implemented in combination with many different types 
of signal attributes. Earlier attempts were focused on the development of a universal procedure to 
classify all possible noise events. However, this proved to be impossible. More recent algorithms are 
specialized for a specific type of environmental noise. Studies have shown that the use of ANN for 
the purpose of environmental noise monitoring is the most promising technique going forward, (9 -11). 
They do have their shortcomings that need to be addressed and worked on. As said before, it is 
impossible to create a universal database for recognition of all noise sources/events. Therefore, the 
best performing ANN are those who are trained and designed for a specific type of environmental 
noise. Also, the training requires a vast amount of data and a human expert until the classification is 
fully autonomous. This is time-consuming and is in contradiction with lowering the costs and making 
the environmental noise monitoring cheaper and easier to use and implement.  

Motivated by the observations that humans are highly effective in distinguishing different noise 
sources, we must pay close attention to how environmental noise measurements are done. Consciously 
or not, we spatially filter our acoustic space in which we are present. All algorithms used in systems 
for automatic classification of environmental noise are based on a single microphone channel sound 
pressure signal. Therefore, a microphone array in combination with beamforming techniques should 
be implemented for the purpose of automatic noise source classification. This opens up the possibility 
of filtering noise events and sources before the extraction of features for the purpose of classification . 
Additionally, the synthesized signal provides an improved Signal-to-noise (SNR) ratio which naturally 
improves the recognition of noise sources.  
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An autonomous environmental noise source classification system is presented in this paper. It 
consists of a small microphone array for the purpose of spatial and noise filtering. To mimic the 
operations carried by personnel, psychoacoustic features are extracted and then fed into an artificial 
neural network. SOM performs the classification and thus significantly reduces the time required for 
post-processing identification of each noise source. The system acts as a human expert, using sound 
source localization and psychoacoustic metrics in its decision making. Reducing the need for human  
interaction lowers the cost and complexity of long term environmental noise monitoring.  

3. PROPOSED SYSTEM 

3.1 System's characteristics 
The proposed system consists of 4 channel horizontal microphone array, A/D converter and a 

computer to process the information. All the main parameters are presented in Table 1. The four 
microphones measure the sound field simultaneously and their signals are processed for the purpose 
of noise source localization in a two-dimensional plane. The use of horizontal microphone array is 
justified by the fact that almost all environmental noise sources are placed far from the measurement 
location. The incoming sound rays, therefore, propagate in a two-dimensional plane parallel to the 
ground. 

Table 1 – Main parameters of the proposed system 

Parameter Value 

Sample rate 192 kHz per channel 

Bits per sample 24 

Feature extraction time constant 125 ms 

Array dimension fi 7 cm x 30 cm 

Spatial resolution 6° 

Number of features 8 

Number of possible noise source classes Infinite 
 
The direction of the most dominant noise source at a particular time is calculated with a highly 

advanced, never seen before algorithm with exceptional beam-pattern directivity. The four acquired 
signals are then delayed and added up to provide a synthesized signal with a higher SNR for the 
purpose of feature extraction as all microphone array based systems do. What makes this system 
remarkable is the additional use of sound source localization directly for pre -classification and as a 
standalone feature as seen in Figure 3. This brings us one step closer to designing a human-like 
environmental noise measurement system that has great potential in a variety of applications .  

 

 
Figure 3 - Block diagram of our environmental noise measurement system. Spatial pre-classification is 

performed prior to feature extraction 

3.2 Noise source localization 
Array processing relies on multiple microphones arranged in a certain geometry. Among all the 

established methods in signal processing, those based on beamforming are probably the most common. 
They are simple and have a low computational cost that makes them a priori well suited for long 
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measurement times. However, their performances strongly depend on the array geometry and number 
of microphones, (6). The localization of conventional beam-formers is limited to low frequencies, and 
thus alternative developing a new algorithm was necessary. To keep the system compact and 
inexpensive, the array needed to be as small as possible with the number of microphones as little as 
possible. The frequency range of environmental noise sources goes as low as 20 Hz which translates 
to a wavelength of 17 m. Known beamforming techniques would have to be performed on huge arrays, 
making them permanently stationary.  

Due to the innovative nature of the algorithm, the details of mathematical operations are not present 
in this paper. However, the simulation of the array's frequency response is presented in Figure 4 and 
compared to the delay-and-sum beamforming. The algorithm is able to localize the noise source in the 
lowest of frequencies while retaining small distance between the microphones. 

 

 
Figure 4 – Simulation of array's frequency response for: a) Classical delay-and-sum beamforming, b) Our 

algorithm 
 
The detected direction of the most dominant noise source at a given time, as seen in Figure 5, 

determines which parts of the whole measurement will be put into the classification algorithm. It is 
pointless to extract features when the detected direction is not stationary as this means that there is 
no clear-cut dominant noise source. This way we avoid large quantities of unnecessary data, reducing 
the computational time for classification with SOM.  

 

3.3 Feature extraction 
Seven features are extracted from the synthesized signal. Joining psychoacoustic metrics of 

loudness, sharpness, tonality and roughness are crest factor, zero crossings and one third octave 
spectrum. The calculation is performed every 125 ms or 24000 samples. Another additional feature 
provided by the beam pattern is immission directivity, (6), which indicates how dominant the detected 
noise source is. It can be used for either spatial classification (by filtering out only the most dominant 
sources) or as one of the inputs for the final classification. Extracted feature vector serves as an input 
for SOM.  

 

3.4 SOM Classification 
Input for the SOM are all the feature vectors when the direction is stationary and/or the immission 

directivity is high enough. The neuron lattice is a two-dimensional rectangular grid and its size is 
chosen beforehand. Usually, the number of neurons should be slightly larger than the expected number 
of noise sources. The size of the lattice can be fine-tuned with the help of different characteristics of 
the generated output SOM. We can observe the number of times each neuron won while the  SOM was 
competitively learning or the statistical properties of neuron and input vector distances such as mean 
value and standard deviation. SOM was chosen because of its unsupervised nature which isn't time -
consuming nor does it need any training database. Classification based only on the direction of noise 
sources and immission directivity would be difficult for moving targets, such as trains, automobiles, 
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etc. SOM also helps to recognize similar or even the exact same noise sources regardless if their 
location varies with time. 

The output of the system is the direction plot, immission directivity plot and noise source class 
plot as seen in Figure 5. Combining the output information with a simultaneous sound level meter 
(SLM) measurements gives us a calibrated SPL and the contribution of each individual noise source 
to the total noise level can be determined. 

 

 
Figure 5 - Example of the output of the proposed system: Noise is classified only when the direction is 

stable and/or immission directivity is high enough. Three different noise sources are recognized based on 

extracted features 

4. EXPERIMENTAL RESULTS 
To test the prototype system, we performed a typical measurement of environmental noise near the 

Port of Koper, Slovenia. Multiple noise sources at the measurement point (MP) were expected as seen 
in Figure 6. The system was left unattended for approx 5 hours.  

 

 

Figure 6 – Measurement point near the Port of Koper, (15). 
 
Classification with SOM was performed once the recording has been finished. We chose a 3 by 2 

neuron lattice as we expected at least three dominant sources around the MP (Ship MSC Katrina, ship 
NEPTUNE and the local traffic of a nearby road). The classification of the 5-hour data was carried 
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out instantly because of the spatial filtering. Only data points where the noise source direction is stable 
and the immission directivity is high enough are run through the SOM. The performance of the 
localization algorithm was excellent. Frequencies observed in the measurements had far larger 
wavelengths than the distance between four microphones. The detected direction of the sound 
emission proved to be stable and accurate, which is clearly seen in Figure 8.  

 The results showed three main noise sources as predicted: the two ships and the nearby road. The 
classification can be seen in Figure 7. Classes 2, 4 and 6 suggested residual noise sources with random 
direction and immission directivity. We can see that immission directivity varies from source to source 
as it is directly linked to the noise source's frequency range. In Figure 8a we can observe the detection 
of a vehicle as the direction goes from 100° down to 0° and then to around 300°. The vehicle , in this 
case, passed the MP from right to left according to Figure 7. In cases of ships MSC Katrina and 
Neptune (Figure 8b and 8c), the direction was stable as one would expect. Even though they were 
anchored almost one behind the other in respect to the MP, the system was able to differentiate between 
them. The features used for classification performed well and expand the use of spatial filtering: even 
though the dominant noise sources may share the same direction, they can be detected individually. 
Figure 8d depicts no particular dominant noise source as the immission directivity is low and the 
direction is not stationary. These data points were not included in the SOM classification, thus no 
class is assigned. 

 

 
 

Figure 8 – Automatic classification od different noise sources using SOM: a) Traffic on a nearby road, b) 

MSC Katrina, c) Neptune and d) residual noise  
 
The results clearly show the advantages of the proposed system. It can classify periods of time 

where there is a dominant noise source. These ques can be paired with simultaneous SLM 
measurements, therefore the contribution of each individual noise source to the total noise level can 
be calculated. The use of SOM proved that it can classify different noise sources quicker as there is 
no need for any kind of training process. Only a couple of minutes of was needed to tune the 
parameters and perform the classification, instead of hours of manual work by either pressing the 
trigger on SLM or post-processing with "pause" and "back erase". 
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5. CONCLUSION 
The proposed system proved to be effective for determening the contributions of individual noise 

sources to the overall noise level, especially for long term measurements. A typical environmental 
noise measurement was performed and three noise sources were detected and classified. Further 
development of the presented system should be carried on. Selection of classes sould be simpler, 
integration of more indicators for determination of how dominant the noise source is at a give time  
should be implemented and immision directivity still needs to be improved. Upgrading the direction 
algorithm for the purpose of detection of multiple noise should be done in the next iteration of the 
presented system. Full integration with the SLM is also one of the priorities. Further testing of the 
system is necessary, which will give us a better understanding of its shortcomings and suitability for 
integration to other applications, such as production line quality control, cavitation detection, acoustic 
imaging, etc. 
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ABSTRACT 
Urban morphology, i.e. shape and position of buildings in relation to streets, affects the distribution of noise 
and air pollution and can thus, through urban planning and design, be used to improve urban areas. This is of 
interest in an ongoing project where both air quality and noise are in focus. The present paper concerns the 
prediction of noise levels at positions of non-direct noise exposure such as noise levels at inner yard facades 
and values of noise contour maps at inner yards. With increasing densification, housing is built closer to the 
roads and the directly exposed facades receive higher noise exposure levels. The balancing effect of access to 
a quiet side is often counted on, supported by regulation, whereas the noise levels predicted using 
commercially available software are often incorrectly low at those points. A suggested methodology is 
described for how to combine the previously developed Qside model with a commercial noise mapping 
software to improve the prediction for non-direct noise exposure situations like essentially enclosed inner 
yards. We present also initial noise level results as outcome of a model study of varying building 
morphologies. 
 
Keywords: Noise mapping, Quiet side, Urban morphology 

1. INTRODUCTION 
There is increasing evidence for serious health effects due to long-term exposure of traffic noise at 

dwellings (1). Also air pollution, especially particles, has been shown in numerous studies to 
contribute to long-term illness and mortality from cardiovascular and respiratory diseases (e.g. (2)). 
Among environmental factors in Europe, air pollution and environmental noise constitute the top two 
in disease burden according to the World Health Organization (3–5). In urban street environment, road 
traffic is the largest contributor to both noise and air pollution (nitrogen oxide and particles as PM10). 
Furthermore, the overall trend is negative (6). Future reductions at source are considered insufficient 
whereby additional measures are needed. 

Until today, noise and air pollution has mostly been treated separately. This is ineffective with 
respect to production of new housing and may unnecessarily make the quality of life less good than it 
could be. Better solutions for a sustainable and efficient building process can be achieved by a more 
holistic approach to the problem of noise and air pollution considering urban morphology. 

Concerning courtyard openings toward roads, they may reduce air pollution concentrations due to 
the created wind ventilation (7). Such openings may however prevent an effective reduction of the 
noise in the courtyard (e.g. (8)). At the same time, urban densification projects rely to a large extent on 
the quiet side concept, i.e. allowing higher noise levels toward the noisy street as long as a quiet (or 
damped) side to each apartment is guaranteed (9). 

For investigating local effects of urban morphology on noise and air distribution, the Spacematrix 
method has been shown to be useful, as described in (10). Building types can be composed of specific 
combinations of specified density variables (floor space index, ground space index, building height, 
network density and open space ratio) enabling to quantify a building type and vary each variable 
separately. 

Concerning the acoustic modelling of urban form on the local scale, most aspects can be considered 
                                                        
1 jens.forssen@chalmers.se 
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using available noise mapping software. However, since these methods are not applicable to closed 
courtyards (11), an extension (12) is applied using results from the Qside project (13), as described 
below in detail. The multiple reflections in the street canyon and/or in the inner yard result in a higher 
noise level within the yard. In principle, these multiple reflections can be modelled using noise 
mapping software. However, the computational cost becomes overwhelming for all but very small 
cases. An extension like the Qside model is therefore preferable, which has previously been 
implemented and evaluated in comparison with noise mapping software and measurements for a few 
cases (12,14). 

The present paper concerns a more generalised use of the Qside model, describing a methodology 
for predicting the non-direct noise exposure at inner yards, which is applicable for a large set of cases 
with multiple building blocks. The algorithmic procedure for the noise level prediction is described 
and model results are presented and discussed. 

2. METHOD 

2.1 Urban model case 
For this study, six building types are investigated with respect to noise exposure. An urban 

mesoscale, i.e. between urban block and urban area (i.e. urban fabric), is chosen for the study, as 
exemplified in Figure 1, where the first six model cases are shown. These six cases are chosen to have 
the same floor space index (FSI), meaning that the estimated number of inhabitants is the same. The 
ground space index (GSI) is decreasing from the closed block (Case 1), via the U-block (Case 2), open 
corner block (Case 3), strip building (Case 4), and L-block (Case 5), to the point building (Case 6) 
whereas the number of floors is increasing. Case 1 has 5 floors whereas case 6 has 14 floors. (A 
following set of cases uses a constant number of floors where FSI decreases from case 1 to 6. Also 
other variations will be studied, including block size, not shown here.) The model cases are situated in 
an existing urban area (Heden, in Göteborg, Sweden), as exemplified for Case 1 in Figure 2. 
Concerning the traffic flows, each of the local roads has 1500 vehicles/24 h, consisting of 95 % light, 
2.5 % medium heavy and 2.5 % heavy vehicles, driving 50 km/h. The traffic data for the surrounding 
roads are taken from the city database. 

 

Figure 1 – Model cases 1–6 (top view; roads in red, houses in black). 
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Figure 2 – Placement of the model cases in an existing urban area, exemplified for Case 1. 

 

2.2 Calculation of non-direct noise exposure at inner yards 
When the sound propagation from road vehicles to the nearest facade is unshielded, the noise level 

is usually dominated by this direct exposure. The non-direct noise exposure, on the other hand, 
typically takes place at shielded inner yards, where receiver positions do not have unobstructed paths 
from the sources. The noise level at such positions may be dominated by sound paths over the roofs, 
including multiple reflections in the street canyon and/or in the inner yard, as predicted by the Qside 
model. 

The results from the Qside model are combined with those from a commercially available noise 
mapping software. Here, we have used SoundPLAN (version 8.0), following the Nord2000 Road 
prediction model, which considers 27 frequency components of the sound (third-octave bands from 25 
Hz to 10 kHz). For the calculations made here, we have used five reflections and neutral weather 
conditions. 

The steps of the non-direct noise prediction are described as follows. (The geometric parameters 
are found in Figure 3.) To simplify the input geometry of the buildings surrounding the model area, 
each block is made into a single building shape, as shown in Figures 4 and 5. Then all the road 
segments (traffic is constant within a road segment) are converted into a set of points using 10 m 
discretization along the road. The source height, hs, is set to 0.05 m. For each inner yard of the model 
area, a single receiver is used, positioned in the centre of the yard, at height hr=1.5 m. 

With the above geometry data given, the sound paths from all source points to a receiver can be 
identified. Among the facades that cut the direct source–receiver line (R), the facade closest to the 
source defines the height of the source canyon (Hs) and the facade closest to the receiver defines the 
height of the receiver canyon (Hr). For simplicity, both sides of the source canyon are assumed to have 
the same height (i.e. Hs=Hi1), and similarly for the receiver canyon (i.e. Hs=Hi1). Further, the width of 
the source canyon is taken as twice the source–facade distance (i.e. Ws=2dsi), and similarly for the 
receiver canyon (i.e. Wr=2dri). In addition, the buildings are assumed to have flat roofs. For each 
source position along a road segment, the geometric parameters are updated following the vertical 
plane through source and receiver (see bottom drawings of Figure 3), completing the set of needed 
geometrical input data to the Qside model. 

Using the Qside model, each point source contribution at each receiver is calculated relative to free 
field (in the same third-octave bands as in the noise mapping software). The absolute level at each 
receiver is given by adding the relative level from the Qside calculation to the output result from 
applying the noise mapping software to a simplified digital map with acoustically hard and flat ground 
in the absence of buildings, reduced by 6 dB to compensate for the pressure doubling due to the hard 
ground. Finally, a grid noise map from the noise mapping software (in dBA) is combined with the 
Qside result at each yard (in dBA) such that the level of the grid noise map within each yard is limited 
to not be lower than the corresponding Qside result (i.e. the maximum of the two is used as the final 
result).  
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Figure 3 – Geometric parameters of the Qside model. 

 

  
Figure 4 – Imported buildings as 2D elements for the non-direct noise prediction. The model buildings are 

displayed in purple and the surrounding building blocks are displayed in blue. Building height, also displayed 
(in m), is given as an attribute for each object. 
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Figure 5 – An example set of sound paths (in dark grey) illustrated for the non-direct noise prediction for a 

few source positions and a receiver located in one of the inner yards. The model buildings are here displayed 
without roof (in purple) and the surrounding building blocks are displayed as 3D volumes (in blue). 

3. PRELIMINARY RESULTS 
Results calculated with the non-direct noise method, as described above, are calculated for the 

model Cases 1–6 (see Figure 1). The resulting grid noise maps for the model area are displayed in 
Figures 6–11. (It can be noted that the calculations were made of LAEq24h levels and the presented 
levels in Lden are given by adding 3.5 dBA, from estimated 24-hour traffic composition.) As effect of 
the non-direct noise method, the lowest levels predicted by the noise mapping software in the yards are 
exchanged by those predicted by the Qside model, e.g. corresponding to a correction of more than 
10 dB for Case 1. Among the cases, the inner yard levels of Case 1 are the lowest and the more open 
cases have higher levels, as expected. However, Cases 2 & 3 might be promising in terms of providing 
partial shielding at the same time as having some openings that may help to improve air quality. 

 
Figure 6 – Result for Case 1. 
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Figure 7 – Result for Case 2. 

 
Figure 8 – Result for Case 3. 

 
Figure 9 – Result for Case 4. 
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Figure 10 – Result for Case 5. 

 
Figure 11 – Result for Case 6. 

4. CONCLUSION 
A suggested noise mapping approach for including the sound pressure levels at non-directly 

exposed inner yards is described. It uses a combination of a previously developed method (the Qside 
model) and a commercially available noise mapping software. (Here, SoundPLAN is used, whereas 
other noise mapping software could work equally well.) The noise mapping software is applied to the 
whole calculation domain of interest and the results at inner yard positions are exchanged by those 
obtained via the Qside model whenever they are larger. In the implementation of the Qside model used 
here, point-to-point prediction is made of the relative level at the inner yard receiver points due to 
sources along the road segments, for third-octave frequencies. The absolute levels at the inner yard 
receiver points are given by adding the relative levels to the output results from applying the noise 
mapping software to a simplified digital map with acoustically hard and flat ground in the absence of 
buildings. 

The work shown here indicates that the suggested approach is functioning in terms of efficiently 
producing noise mapping results with levels corrected at inner yards.  

Future work contains studying the effects of courtyard openings, vegetated and acoustically 
absorbing surfaces, as well as the combined aspects of noise and air quality, considering both 
morphology and greening, including the benefit of having access to a less noisy side. 
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Abstract
We have proposed a system of real-time measurement and visualization for three-dimensional (3D) sound field
by using mixed reality (MR) device. MR device enables effective visualization with depth perception using
the 3D computer graphics (3DCGs) superimposed on the real world. Our system can superimpose 3D sound
intensity data on the measurement points in the see-through head mounted display (STHMD). It helps us not
only to understand the sound field but also to design it, to detect the source of noise, etc. Sound intensities
are measured by freely and slowly scanning the sound field with a handy 4-ch microphone array. However, the
measurement results of sound intensity would be affected by assuming a moving microphone array as fixed one.
In this paper, we investigate the effect of microphone movement on sound intensity. To clarify the maximum of
handy microphone speed to be assumed, microphone speeds were measured in measurement of sound field by
using our proposed MR visualization system. Then, simulation experiments in a plane wave and a spherical wave
were conducted to compare the sound intensities by fixed and moving microphone array at different speeds.
Keywords: Acoustic imaging, sound intensity, Doppler effect, Mixed reality(MR), Augmented reality(AR)

1 INTRODUCTION
The social request for comfortable sound environment has been increasing. To improve sound environment, it is
important to understand physical phenomena of sound field. In particular, sound field visualization technologies
help us to intuitively understand the sound field information, because the spatial behavior of sound propagation
is suited for visual perception which has higher spatial resolution. They have been utilized for estimating a noise
source, checking a sound energy flow, acoustically designing rooms, etc. In previous studies, many visualization
methods were proposed by using such as beamforming method [1, 2], acoustic holography [3, 4, 5] and optical
visualization [6, 7, 8].

As one of sound field visualization technology, we have proposed three-dimensional (3D) visualization sys-
tems for sound propagation with a handy 4-ch microphone array by using augmented reality (AR)/mixed reality
(MR) and simultaneous localization and mapping (SLAM) [9, 10, 11, 12]. AR/MR refer to the technologies to
merge the real world constructs with virtual constructs generated by computer [13]. It enables us to represent
the depth information in vision while adjusting to the movement of viewpoint. Thus, the measured information
is translated to a object of 3D computer graphics (3DCG) with spatial and sound information. Then, observers
with a head mounted display (HMD) can watch many measurement results while freely changing the viewpoint
in a space. In particular, the real-time measurement and visualization systems [9, 10, 12] enable us to place a
3DCG object of sound intensity at each measurement point by slowly moving a handy 4-ch microphone array
for understanding the relationships between the measurement results and actual objects.

Recently, a system of real-time measurement for 3D sound intensity by using the optical see-through HMD
(OSTHMD) with SLAM [12] achieves free movement of measurement positions in a broad area. By an as-
sumption in our previous visualization methods, the velocity of moving 4-ch microphone array must be slow
enough to ignore the Doppler effect. To visualize a wide range of sound field in a shorter time, it is preferable
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Figure 1. System overview. When a measured position and an intensity are transmitted to the OSTHMD, a 3D
object is shown on the display of OSTHMD.

to measure the sound field moving the 4-ch microphone array at higher speed by removing Doppler effect.
For sound sources moving at high speed, many de-Dopplerization methods have been proposed with multiple

microphones [2, 4, 5]. In this system, the Doppler effect on sound intensity is caused by moving the microphone
array. In addition, average of sound intensities over analysis time is measured by a microphone array at a fixed
position. However, a moving microphone array integrates sound intensities over time and the path of moving
microphone.

In this paper, the effect of the Doppler shift on sound intensity when moving the microphone array, is quan-
titatively investigated by simulation. Next chapter provides an overview of the system used in this paper. Then,
the moving velocity of the microphone was measured with our proposed system. Based on these results, 3D
sound intensity due to the movement of the microphone array is formulated. Finally, the numerical simulation
is conducted to compare the effects that a plane and spherical wave received.

2 MEASUREMENT AND VISUALIZATION SYSTEM
2.1 System overview
In this paper, we investigate the influence of moving the microphone array in the real-time measurement and
visualization system [12]. Figure 1 shows the system overview. Microsoft HoloLens [14] is used as OSTHMD.
SLAM installed at HoloLens makes the spatial map of the measured place and understand the position of ob-
server in the spatial map. Based on the spatial map and observer’s position, 3DCG representing 3D sound
intensity is superimposed to be fixed to the corresponding position on the real space. When the AR marker
installed at the 4-ch microphone array is detected by a camera of OSTHMD, the microphone positional infor-
mation is sent sequentially to PC which is connected with the microphone array. Similarly, the sound signals are
obtained sequentially, and are calculated to the sound intensity by cross-spectral method [15]. Sound intensity
Ir between two microphones could be expressed as follows:

Ir = 1
2πρ∆r

∫ f2

f1

G12(f)
f

df, (1)

where ρ is the atmospheric density, ∆r is the distance between microphones, f1 and f2 are the lower and
upper frequencies of the analyzed frequency range respectively, and G12 is the cross spectrum of two sound
signals. Figure 2 shows a 4-ch microphone array we used. Six sound intensities that represent as I01, I02,
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Figure 2. Image of the 4-ch microphone array. I01, I02, I03, I12, I13 and I23 represents the sound intensity
between two microphones. By combining these intensities, it is possible to calculate the 3D sound intensity at
center of array O.

I03, I12, I13 and I23 are measured by the 4-ch microphone array in the direction of all six pairs of the four
microphones. We calculated 3D sound intensity from the six sound intensities. Each element of 3D sound
intensity ~I = (Ix, Iy, Iz) is

Ix = I01 − I02 − 2I12 − I13 + I23

4 , (2)

Iy = I01 + I02 + I03√
6

, (3)

Iz = −I01 − I02 + 2I03 + 3I13 + 3I23

4
√

3
. (4)

The sound intensity level is

Li = 10 log10
|~I|
I0
, (5)

where I0 = 10−12W/m2 is a reference intensity. Finally, the 3DCG cone object is positioned at each measure-
ment point by combining the transmitted 3D sound intensity data and its positional information in OSTHMD as
shown in Fig. 3. The direction of the cone shows that of ~I , and the color of the cone shows Li.

Loudspeaker
A

B C

A B C

Figure 3. The state of measurement. The cone object of sound intensity is plotted by scanning the sound field
with the microphone array.

4440



Figure 4. The velocity of 4-ch microphone array when movement is at normal (Normal speed) and quick (High
speed).

2.2 Velocity of 4-ch microphone array
To investigate the influence of the Doppler shift by the movement of microphone array, the velocity of micro-
phone array in our visualization system was measured. The position of the microphone array is detected with a
AR marker by OSTHMD at 60 fps. Assuming that the movement path of the microphone array is line in 1/60
s frame interval, the velocity between two points is calculated from positional information. In experiment, the
distribution of velocity was confirmed by acquiring 12000 samples each for the normal and quick movement.
As shown in Fig. 4, the averages of velocity at the normal and quick movement are 1.12 m/s and 3.77 m/s,
respectively. The maximum velocity at the quick movement is 7.98 m/s.

Figure 5. Arrangement of microphones and sound fields of plane wave and spherical wave. 4-ch microphone
array is located on x-axis. It moves to the direction V .

4441



3 THEORY
3.1 The effect of moving microphone in a plane wave
The medium is assumed to be stationary. A plane wave travels in the positive direction of x-axis with the
speed of sound C. A 4-ch microphone array moved with velocity V . Then, the angle between the direction of
propagation and the direction of V is described by θ as shown in Fig. 5.

The Doppler frequency shift f ′ in the plane wave field is as follows,

f ′ = C − V cos θ
C

f, (6)

where f is frequency of a sound source [16]. Using Eq. (6), the sound obtained by the moving microphone
Smoved is represented as,

Smoved = e(ikr−2πf ′t) = e
2iπV cos θft

C Sfixed, (7)

where i =
√
−1, k is a wave number vector, r is a position of the microphone and Sfixed is the sound obtain

the fixed microphone [17]:
Sfixed = ei(

~k~r−2πft). (8)

Thus, the sound affected by the Doppler shift can be described by the sound of the fixed microphone. By using
the cross-spectrum G obtained from these four sound waves Smoved, the sound intensity obtained by the moving
microphones can be calculated from the Eq. (1).

3.2 The effect in a spherical wave
When the microphone moves in sound field of a spherical wave, it is necessary to consider the reduction due to
the distance from the sound source. Assuming that the sound source is placed at the origin, the distance between
the source and the initial measurement point in the x-axis is r. The microphone array travels at velocity V .
The sound measured at a distance r is defined as [17]:

Sfixed = ei(kr−2πft)

4πr . (9)

The distance between the measurement point and the source is sequentially changed as r′ = |r + vt|. Then, the
sound obtained by the moving microphone Smoved can be represented as follows,

Smoved = ei(kr−2πf ′t)

4πr′ = re
2iπ(r′−r)ft

C

r′
Sfixed. (10)

Thus, it is necessary to multiply signal of each microphone with a coefficient which changes with the distance.
The 3D sound intensity obtained by the moving microphone array in the spherical wave can be calculated by
using the cross-spectrum method from the obtained sound wave Smoved as well as the plane wave condition.

4 NUMERICAL SIMULATION
In this numerical simulation, the initial position of the source was located at (0 m, 0 m, 0 m), and the initial
center position of the 4-ch microphone array r0 was located at (5 m , 0 m , 0 m). The sound signals were
measured with 44.10 kHz of sampling frequency and 4096 sample of analysis length. The frequency band used
for the cross-spectrum method was an octave band of 1 kHz.

4.1 Plane wave simulation
First of all, we confirmed that the formula of the moving microphone array could be proved by theory when
the source information was known. Figure 6 shows comparison of the sound intensities measured by moving
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Figure 6. Sound intensities of plane wave at different velocities of the 4-ch microphone array along x-axis.
The Right side was calculated by moving the microphone array, and the left side was calculated from the fixed
microphone array by using an estimation method.

the microphone array in x-axis and the sound intensity compensated by a coefficient based on Eq.10. A plane
wave of a single frequency 707 Hz is used as the sound source. The difference of sound intensities was defined
as 10 log 10(|Imoved|/|Ifixed|), where Imoved is the 3D sound intensity by moving microphone array and Ifixed is
the fixed 3D sound intensity. The results showed that the fixed microphone and the actual moving microphone
can accurately reproduce the direction and level difference regardless of the velocity.

From this result, it was found that when the velocity of microphone was positive, the frequency of the sound
source was shifted downward. Then, the sound intensity was out of the range of frequency band due to the
Doppler shift. Thus, about 10 dB of the difference of intensity level occurred compared to the fixed microphone.
Thus, it was considered that the Doppler shift affects the intensity calculation result at the start and end of the
frequency band [707 Hz 1414 Hz]. Then, by changing the frequency of the sound source near the start point
of the band pass, the difference in the intensity level caused by the moving speed of the microphone in x-axis
was confirmed. Figure 7 shows a result that the Doppler shift affected the sound intensity level by changing a
frequency of sound source. [688 Hz 710 Hz] at 8 m/s of moving microphone array velocity, and [704 Hz 718
Hz] at 8 m/s were more than 10 dB of the difference in sound intensity. Therefore, we will need to take into
account that the effect on intensity if the sound source have a frequency band near the edge of the intensity
frequency band in a measurement. On the other hand, even when measuring at a normal speed of 2.5 m/s, it
was confirmed that the influence of 7 dB at the maximum was received.

4.2 Spherical wave simulation
Figure 6 showed that the plane wave does not affect the direction of intensity. When the sound source is
a spherical wave, the direction of sound intensity is affected. Then, the influence on the 3D sound intensity
caused by the direction of the microphone movement is simulated in Fig. 8. When the microphone moves
perpendicular to the propagation direction of the sound wave, the influence of the sound intensity level is
small. However, the difference between the direction of intensities of the fixed and moving microphones had
a difference of about four degrees in high speed condition. In this paper, although the movement direction of
the microphone is limited to movement only along the axis in order to simplify the problem, rotations of the
microphone and movement specific to handy microphone array are occurred.
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Figure 7. Sound intensity level difference between fixed and moving microphone caused by change of frequency
of sound source. Specific frequencies affected the frequency band for calculating cross-spectrum method by
Doppler shift.

5 CONCLUSIONS
In this paper, we investigated the effect caused by scanning the handy 4-ch microphone array of a real-time
measurement and visualization system using OSTHMD. The velocity distribution of the handy 4-ch microphone
array moved at normal speed and high speed was measured in our system. By multiplying the sound signals
acquired from the fixed microphones by coefficients, When the source information is known, the 3D sound
intensity obtained by the moving microphone array can be compensated. In numerical simulation, the difference
of 3D sound intensity level was over 10 dB due to only the Doppler shift in a plane wave. The directional effect
of the 3D sound intensity reaches 4 degrees when the microphone array moves at high speed perpendicularly
to the propagation direction of spherical wave. Thus, it is necessary to remove the effect of 3D sound intensity
when measuring at high speed. Although the simulation was performed in the moving direction along the axis

Figure 8. Relationship between the direction of moving microphone array and difference of sound intensity in
a spherical wave. Unlike the plane wave, the direction of intensity was affected by moving microphone.
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to simplify the conditions in this paper, the effect of 3D sound intensity with the other specific trajectory of
handy microphone will be considered.
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Manganese Crust based on the neighborhood information and dual- 
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ABSTRACT 
The thickness of Cobalt-rich Manganese Crusts (CRC) is one of the important information to map and 
estimate the volumetric distribution of deep-sea mineral. In this paper, we propose an improved method for 
measuring the thickness of Cobalt-rich Manganese Crust based on the neighborhood information and dual-
channel information. The high-frequency signal and low-frequency parametric signal is obtained by feeding 
the signal received by the transducers centered at the array to two designed filters, respectively. The reflection 
instant of the top surface is determined by the high-frequency signal, while that of the bottom surface is 
determined by rule based on the neighborhood information assuming that the CRC has the local thickness 
invariability. Finally, the demonstration experiment is conducted in the tank to validate the effectiveness of 
the method. 
Keywords: Thickness, Cobalt-rich Manganese Crust, Acoustic 

1. INTRODUCTION 
Cobalt-Rich manganese crusts(Mn-CRC) are mineral deposits containing valuable metals and can 

be found on the shoulder of sea-mounts[1]. Mapping and quantitatively estimating the volumetric 
distribution of these deposits is, therefore, of interest to geologists, oceanographers, and industry[2]. 
As a key step of the assessment, the measuring of the thickness can be performed by various methods 
such as bathymetric multibeam, sidescan sonar imaging, and acoustic sub-bottom mapping. However, 
because Mn-CRC have extremely uneven distribution, thin geometrical features, and being covered 
with sediment, it still remains a challenging task to collect necessary information to measure the 
thickness by using traditional acoustic instruments which have low resolution. To complete the task 
of in-situ thickness measurements of Mn-CRC at depths up to 3000 m, another kind of device, i.e., 
the acoustic probe developed by the Institute of Industrial Science of the University of Tokyo, can 
significantly improve the spatial resolution[3,4]. The acoustic probe employs a high-power acoustic 
pulse, whose sub-surface reflections are recorded [2].  By extracting the reflections from the 
interfaces above and below the crust layer, the thickness can be determined if the speed of sound 
through the deposit is known [2]. The thickness measurement has been proven feasible after the 
laboratory test and sea trial.  

Motivated by their device, we built the first generation of the acoustic probe, i.e. Programmable 
Phased Parametric Array Acoustic Probe 2017 (PPPAAP17), to collect and process the data both for 
thickness measurement and recognition. Compared with the acoustic probe mentioned above, our 
device consists of dual-channels, with one channel for the primary signal and the other for the 
difference signal. The device has a good penetration ability which should be better than 30cm.  

In this paper, we mainly focus on the thickness extraction algorithm. Typically, the thickness 
information is obtained by processing the received signal which is a one-dimensional signal in time-
domain that contains complicated context, with the top-bottom peak detection. The reliability of the 
calculation is affected by noise in the recorded signal arising due to scattering, multi-path reflection, 
and seafloor features such as local inclusions inside the crust[5]. Considering that the signal quality 
degraded by the system interference and ambient noise, the inner connection between the large 
amounts of the recorded data should be exploited. To further improve the robustness of the thickness 
extraction, we take some improvements into consideration. The processing of the dual-channel signal, 
i.e., the high-frequency primary signal and the low-frequency parametric signal, are used in different 
                                                        
1 hongfeng@mail.ioa.ac.cn 
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way. Specifically, the reflection instant of the top surface is determined by the high-frequency signal 
in one-dimension field, while that of the bottom surface is determined by the rule based on the 
neighborhood information in the image field assuming that the CRC has the local thickness 
invariability. 

2. RECEIVER SYSTEM DESCRIPTION 
As shown in Fig.1, the receiver system of PPPAAP17 mainly consists of two receiving transducers, 

a filtering and compensation board, a data collection and controlling board, and the on-line processing 
unit.  
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Figure 1 –Receiver System description 

 
When the system works, the reflected signal is received by the two separated transducers, with one 

fed into the primary channel and the other fed into the difference channel. The high-frequency signal 
and low-frequency parametric signal is obtained by feeding the signal received by the transducer 
centered at the array to two designed filters. The two designed filters are used to improve the Signal 
to Noise Ratio (SNR) of the signal. The gain compensation part can be adjusted by the data collection 
and controlling board to obtain suitable signal amplitude. The filter and sampling parameters are listed 
in Tab.1.The sampled data are transferred and stored in real-time way and processed by using the on-
line processing software. 

 
 

Table 1 – Filter and sampling parameters  

Parameter Symbol Value 

Centroid frequency of the primary channel 0Hf  1 MHz 

Quality factor of the primary channel  HQ   5 

Sampling frequency of the primary channel sHf  5 MHz 

Centroid frequency of the difference channel 0Lf   100 KHz 

Quality factor of the difference channel LQ  5 

Sampling frequency of the primary channel sLf  500 KHz 

System transmitting period workT  20 ms 
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3. ALGORITHM 
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Figure 2 – System composition 

 
The aim of the algorithm is to automatically calculate the thickness of the Cobalt-Rich manganese 

crusts with the large amounts of the recorded data. Theoretically, the thickness can be simply 
determined by the time delay between the top and bottom reflection if the sound velocity with the 
ferro-manganese crusts is assumed to be known. Therefore, the algorithm needs to determine three 
parameters, i.e., the sound velocity, the top arrival time, and the bottom arrival time. 

Generally, the sound velocity of CRCs is not a constant. A feasible way is to measure the values 
of several samples that are growing a specific area and take the averaged values as the reference 
velocity. The top arrival time is calculated only using the primary signal. Although the primary signal 
has a poor penetrating capability for the CRCs, the reflected signal of the top boundary has relatively 
higher SNR compared with the low frequency signal. Therefore, the top arrival time can be precisely 
determined by searching the peak of its envelope, which is also a good reference to assist calculating 
the bottom arrival time. The envelop extraction can be realized by different method, the approximation 
parameter should be set relatively small to get more accurate peak. After obtaining the peak vector, a 
moving average filter can be applied to filter the noise, whose window size can be set according to 
the transmitting period and the speed of the ROV. The filtered peak vector will be simultaneously used 
to get the top arrival time and serve as the reference to assist the determination of the bottom arrival 
time. 

While the signal of the primary channel is processed in the one-dimension signal field, the data 
processing of the difference channel is performed in the image field. Because of the travelling 
attenuation after travelling through the CRCs and affected by the noise, the difference signal is 
degraded. Fortunately, the results of neighboring measuring can be fully employed to improve the 
performance considering that during the continuous scan there is some redundant information to 
denoise the data. The method is listed as follows. Firstly, each difference signal which has filtered by 
the BPF needs to be corrected for attenuation between the top and coarse bottom boundaries in 
exponential form[5]. The envelope of each difference signal should be extracted with a relatively large 
approximation parameter. Afterward, all the envelope signal is assembled as an noisy image which 
needs to be denoised. Here, we choose the filter of the nonlocal means (NLM) filter[6]. The idea of 
patch-wise methods, which weights the relative importance of pixels by comparing their patches, 
offers a new way to reconcile the contradiction between image denoising and texture preservation[7]. 
Furthermore, a Sobel detector is applied to the denoised image to obtain the possible edges. Broken 
line connection is also necessary since the edge detection step uses morphological operations. The 
next step is to determine which line is the bottom arrival time. By the assist of the top arrival time 
vector, we only keep the edges that have the instant larger than the vector and have the instant smaller 
than the time of travelling the thickest CRCs (about 35cm). If there only exist unique detected lines, 
the bottom arrival time vector can be uniquely determined; Otherwise, the progressive probabilistic 
Hough Transform is necessary to determine the most possible one.  
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4. EXPERIMENTS 
The experiments are carried out on the China Ocean 51th voyage on Aug 5, 2018. The parametric 

acoustic system is mounted on the hydraulic system of the HAIMA Remotely Operated Vehicle(ROV).  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

(a) (b) 
Figure 3 – The Experimental configuration. (a) The PPPAAP17 mounted on the hydraulic system of the 

HAIMA ROV (b) The Transmitter transducer array and receiving transducer (Uppper) and the electronic 

processing unit (Lower) 
 
The parametric acoustic system, PPPAAP17, transmits the signal for a fixed spot every 20ms and 

it samples and keeps the first 2ms data for each pulse. The Experimental configuration and the array 
together with the electronic processing unit are shown in Fig.3. The transmitter transducer array and 
receiving transducer is about 0.3 m away from the seabed at the vertical direction. It can be seen that 
the primary transducer is slightly higher than the difference transducer, which causes a fixed time 
delay when receiving acoustic echo signal. The delay value can be calibrated in advance.  

The primary data and difference data contain 500 records, which means the measuring time is 10 
second. As shown in Fig.4(a), the envelope of the 40th primary signal is calculated with good SNR. 
The arrival time corresponds with the practical distance of about 0.3m. The averaged peak vector of 
length of 500 has been presented in Fig.4(b). The smooth filter is designed with the window size of 
10. 
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(a) (b) 
Figure 4 – Primary channel signal and the top arrival time vector. (a) Sampled primary signal (blue)and 

its envelope(orange) (b) Estimated top surface arrival time before smoothing(blue star) and after 

smoothing (blue line). 
 

The data processing of the difference channel is performed in the image field. After the energy 
compensation and envelope calculation operation, the energy of the difference channel forms an image 
of the size of 500 1000, as shown in Fig.5(a). The NLM filter with the weight block size of 3, the 
search block size of 7, and the decay factor of 10 is applied to the energy image, whose results are 
given in Fig.5(b). Comparing these two images, it can be observed that some noise is filtered with the 
textures kept well. 
 

  
(a)  (b) 

Figure 5– Energy image. (a)The energy image of the difference channel after compensation and 

envelope extraction (b) The energy image after applying the NLM filter 
 
 
As shown in Fig.6(a) and Fig.6(b), the Sobel edge detection operator is applied to the energy image 

without and with NLM, respectively. It can be noticed that after NLM filtering, the inference signal 
is largely compressed. The averaged top arrival time vector is marked as a red line in Fig6(b). The 
line at its right side is the difference peak at the top surface, since the setup difference between the 
primary transducer and the difference transducer. The next step is broken line connection with the 
morphological operations. Finally, the detected bottom arrival time line is marked with blue. 
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(a) 

 
 

 
(b) 

Figure 6 –The detected lines.(a)The image with Sobel edge detection operator with no NLM filtering (b) 

The image with Sobel edge detection operator with NLM filtering(red: estimated top arrival time, blue: 

estimated bottom arrival time) 
 

As shown in Fig.7, the estimated thickness is calculated with the mean value of 12.81 cm and the 
variance of 1.49cm, if the sound velocity within CRCs is assumed to be 2700m/s. The thickness 
information corresponds with the sample obtained with the shallow drilling system. 
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Figure 7– Estimated thickness values 

 

CONCLUSION 
 
In this paper, we briefly introduced the composition of the device and proposed an algorithm to 

measure the thickness of CRCs using dual-channel information and the context information. 
Afterward, we applied the algorithm to the real data acquired by the sea trial. The results has 
demonstrated that the method for measuring the thickness of CRC based on neighborhood information 
and dual-channel information is effective.  
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A Study of Acoustic Characteristics at Sea Bottom Sediment 
Including Organic Matter 

Hanako OGASAWARA1; Kazuyoshi MORI; Hiroshi Yagi 
1 National Defense Academy of Japan, Japan 

ABSTRACT 
At shallow area, organic rich sediment is piled up and run away according to the tidal stream or upper sea 
water movement. Authors measure the acoustic characteristics of organic rich sediment to monitor the 
movement of those sediment at the sea bottom. The bottom statement environmental changes affect benthic 
activities. Sample sediment was obtained from the Ariake Sea in Japan, mostly consist with cray and many 
organic matters, was measured its acoustic speed and attenuation with the frequency of 2 MHz in laboratory. 
At the same time, the grain size distribution was also measured. This result will help to understand the 
reflected waves from the sea bottom and sound propagation simulation in models. 
 
Keywords: Sediment Properties, Underwater sound 

1. INTRODUCTION 
Assessment of the impact on coastal environments caused by global warming has mainly been done 

so far based on disappearance of sandy beach areas by sea surface elevation, and changes of biota by 
elevated water temperature. However, it is required to carry out composite environmental assessment 
to understand unequivocal ongoing global warming. At the boundary of water and seabed, there are 
mixed layer with water and particle of sediments. The particle includes not only sand, mad, silt but also 
organic matter such as plankton and algae. The thickness and density of the boundary area effect 
benthic ecosystem. Therefore, it is important to monitor temporal and spatial change of the boundary 
configuration. Acoustic is one of the best methods for underwater monitoring. 

Multipath transmission is one of the major reasons to deteriorate of underwater sound 
communication1, 2). Usually, reflected waves arrives a receiver after the direct signal from a source. 
But in case of short travel distance or very shallow area, there is not so much time lag between the 
direct signal and the reflected signals. Therefore, as reflected signals overlap with the direct signal, 
signal-to-noise ratio decrease because of reflected signals.  Sometimes, as coherent with reflected 
signals and a direct signal makes destructive interference, sound signal from the source cannot be 
received at the receiver3). It is very important to understand how much the reflected signals affect to 
the main direct signal. Calm sea surface could be assumed as a mirror acoustically. According to the 
sea state or wind speed, many approximate formula or sea surface model were studied to explain the 
effect of sea surface reflection and scattering4, 5). The same methods are also applied to understand the 
sea bottom reflection6). But as the sound propagation of the sediment at the bottom sometimes very 
similar behavior to sea water especially the sediment consists with mad and contained much water. 
Moreover, some sound wave incident into the sediment and refracts upper side then they re-enter to the 
sea water. To understand such behavior of the sound at the sea bottom, it is necessary to know acoustic 
characteristics such as sound speed, sound attenuation of the sediment and their dependency of the 
depth from the sea bottom. 

In this paper, we suggest acoustic monitoring method for the bottom boundary layer and get a 
sample data as the first step. Although the measurement used only one frequency and particle size was 
almost uniform, this experiment will useful to assess boundary condition in future work. 
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2. EXPERIMENTAL METHODS 

2.1 Sampling Area 
The sediment sample was obtained from the Ariake Sea in Japan. As the sea is surrounded by land 

and there are several rivers, many dirt is carried from rivers. The depth of the Ariake Sea is less than 50 
m, and tidal elevation exceed more than 4 m. The rich mad sediment is good place for marine creatures 
especially for benthos. For many years, the sediment conditions such as pH, density, and thickness of 
the boundary layer has been monitored with core samples by Research center for fisheries and 
environment in the Ariake and Yatsushiro bays, Seikai National Fisheries Research Institute to 
investigate environmental changes and understanding their impacts on biological production. The 
sediment sample was obtained by a diver at the monthly sampling by the research center. In addition, 
we use the sample obtained other area of the Ariake Sea provided by Dr. Nakagawa.  

Before sound speed measurement, the samples were screened by wet sieve analysis. At first, 
sample on the sound speed measurement system was put on a scale to measure weight of the system 
including the sample. As the weight of the system without any sample was measured in advance, the 
sample weight M can be calculated by the subtraction of the weight of the empty measurement system. 
Then, the sample was screened by wet sieve analysis. Three sieves (0.6 mm, 0.15 mm, and 0.075 mm) 
were used for this screening. They were set on a motor-driven shaking apparatus (Tsutsui: VSS-50). 
All sieves were dried by an electric dryer for 24 hours and measured each of the weight to get particle 
size distribution. The sum of all particle size weight becomes total particle weight and the difference 
between the wet sample weights indicates water weight MV in the sediment sample. Suppose all space 
among the particle in the sediment were filled with water, the porosity of the sediment  can be 
written as 

 (1) 

where, Vv and V are volume of the space and that of the total including the space, respectivel8). The 
total volume V is the obtained from the inner volume of a pipe and the volume of the space is calculated 
from the weight of water in the sediment and water density. Although the particle size has distributed, 
average density of the particles ρr is obtained as 

 (2) 

Table 1 shows all weight according to the particle weight distribution.  We could screen samples 
of two different places in the Ariake Sea. As the sieves mesh size is not enough fine, we could not 
separate silt and clay. But the percentage of sand was less than 5%, sediment samples were 
categorized as clay or silt According to the soil texture triangle provided by United States 
Department of Agricultur9). 

 
Table 1 – Particle size distribution of sample sediments 

Particle size [μm] 
Weight ratio [%] 

Sample A Sample B 

600  2.85 1.25 

150-600 3.68 0.74 

75-150 38.85 1.16 

75< 54.62 96.84 
 

2.2 Measurement System 
In this study, acoustical characteristics, especially the sound speed changes according to the density 

of sediment matters in water are the most interesting topic. As the obtained sample includes different 
grain size sediment, authors decided to compare the difference between the upper side and the lower 
side of the sample. Therefore, a new measurement system to sound speed of a sample in a 4 cm 
diameter cylinder with 3 cm height is required. Figure 1 shows a diagram of the sound speed 
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measurement system. A transmitter and a receiver (KGK: 2 MHz) were faced each other across the 
sample with 3 cm distance fixed with acrylic pipe which has the same diameter and thickness to that of 
used at the core sampling. As sound speed varies according to temperature, it is important to control 
temperature of the sample. Therefore, a part of the measurement system including the sample which is 
indicated by dashed line in Fig. 1 was put into an incubator to control the temperature but it was broken 
in this experiment. To monitor temperature changes of the sample, a K-type thermocouple was inserted 
into the sample from the upper side of the pipe. The burst signal was sending from the transmitter and 
received at the receiver located opposite side of the pipe. The career frequency was 2 MHz which is 
resonance frequency of the transmitter and the receiver. Both sending and receiving signals were 
monitored by an oscilloscope (Agilent: 33220A) to measure travel time. After recording the receiving 
signal through the oscilloscope, peak time was measured as the difference of phase from oscilloscope 
monitor. 

 

Figure 1 – A diagram of sediment sound speed measuring system. 
 

3. RESULTS 

3.1 Distance Calibration 
To get the accurate distance between the transceiver and the receiver, water was stored in the 

acrylic pipe and measured travel time and the temperature at that time. The sound speed was calculated 
from measured temperature with UNESCO equation. From measured travel time and calculated sound 
speed, the distance between the transceiver and the receiver was 35 mm. 

3.2 Sound Speed Measurement 
At the boundary layer, small size particles mast float with some density distribution. To recreate 

the boundary layer, add the sediment of the smallest particle size into water of 70 ml and stir it for 1 
min. Then the liquid put into the acrylic pipe and measured travel time. The travel time measured 5 
times and took their average to calculate sound speed.  Figure 2 shows measured sound speed 
according to the amount of sediment in water. Unfortunately, the thermostatic chamber could not 
keep temperature with some trouble, the liquid temperature was not same throughout the all 
experiment. As the temperature also affect the sound speed, Figure 3 shows ratio to pure water at the 
measured temperature. The sound speed of the pure water was calculated from UNESCO equation7). 
From Fig. 3, sound speed clearly decreases when the sediment weight percentage increases.  

In the same way, sound attenuation of received signal to the sending signal was monitored as 
shown in Figure 4. When the added sediments amount over 15 , the received signal could not 
confirm from the oscilloscope. As the density of the particles increase, sound scattered and could not 
reach to the receiver side. 
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4. CONCLUSION 
In this paper, the grain size distribution of the Ariake Bay was investigated and measure the 

acoustic properties with frequency of 2 MHz. In this method, it is possible to measure sound speed 
and attenuation according to the contained sediment amount. As it was measured only single 
frequency, we will carry out the same experiment with different frequency. Also, as the contained 
sediment material was limited the particle size, more close-to-reality contamination is better for 
future experiments. 

 

 
Figure 2 – Estimated sound speed according to the weight percentage. 

 

 
Figure 3 – Ratio of liquid sound speed to pure water according to the weight percentage. 
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Snapping shrimps sounds in the Black sea 
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We have recorded an ambient noise at several sites at the Black Sea shelf zone. In all these sites, 
in the absence of a strong swell or storm, the recorded signal was almost entirely due to the 
activity of snapping shrimps, apparently belonging to the species Alpheus dentipes. We used 
different recording equipment, but in all cases we tried to provide a wide band of frequency 
analysis. In contrast to the data obtained in tropical waters, the rate of the most intense clicks 
was comparatively low, which allowed us to analyze their shape in detail and estimate the 
distance from the animal to the audiorecorder by analyzing the echo delay from the water 
surface. Qualitatively, the signals in different habitats were identical. However, the type of 
recorded signal depended on the nature of the bottom surface and the presence of reflections. 
We revealed the existence of a pair of pulses emanating from the same object from the same 
position. The use of high-frequency equipment suggests that the high-frequency edge of the 
snapping shrimps click spectrum can reach 300 kHz.  
 
Keywords: snapping shrimps, Black sea, shelf sounds 

1. INTRODUCTION 
Global warming has significantly changed the geographic range of many species. This 

is especially true of marine invertebrates, who must adapt to changing ambient 
temperature to survive. Decapod crayfish belonging to the family Alpheidae, called 
snapping shrimps, in particular have spread rapidly from the tropics and subtropics to 
temperate zones. Their activity has already been recorded in several points of the 
Mediterranean (1), as well as in Ireland at latitude 51.50 (2). In the 1990s, we recorded and 
investigated the clicks emitted by snapping shrimps in the Peter the Great Bay (Sea of 
Japan) at latitude of 42.5o (3). In the past few years, we have observed and studied 
snapping shrimps clicks at several points on the shelf zone of the eastern and northern 
shores of the Black Sea. We gathered the most data of this activity at Sukhum Bay. The 
results obtained in the course of this work were partially published (4). Also preliminary 
studies of this activity were carried out in the area of Blue Bay near the Gelenzhik city and 
at the T.I. Vyazemsky Karadag scientific station (Nature Reserve of the RAS). The results 
from each studied location are worth examining. 

2. RESULTS 

2.1 Sukhum cape 
At Sukhum bay (42.979N,40.973E) snapping shrimp signals were first recorded in 2013. 

We used a laboratory room located at piles on the distance of 10–17 m from the coast. At 
the place where clicks were recorded, the seafloor had a slope of about 30o south from the 
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coast - so the depth of the seafloor increased from 5m to 10m. The surface of seafloorwas 
covered with pebbles and topped with a layer of dead mussel shells. We performed 
acoustical monitoring of this site over several years. We recorded acoustic activity with a 
Brüle and Kjar hydrophone (uniform frequency response up to about 200 kHz), placed 
30-40cm above the bottom. For long routine monitoring we recorded ambient noise in the 
10-40 kHz frequency range, but we conducted short-term recordings at a quantization 
frequency of 196 kHz. 

Since the sizes of pebbles and mussel shells are comparable with the wavelength of the 
most high-frequency components of a click, the calculation of thedirection and the form of 
actual recorded signal turns out to be rather complex.  

In contrast to the acoustical activity of these animals that was recorded in tropical 
waters (1) at Sukhum bay the rate of high-intensity clicks was low, which allowed us to 
analyze the amplitude and shape of individual impulses in detail. In some cases the 
amplitudes of individual clicks exceeded the noise level by more than two orders of 
magnitude (Fig. 1) 

In many cases, we very clearly observed an echo from distinct click. The response 
phases were inverted, indicating that the signal had been reflected from the sea surface. As 
a result we were able to estimate the distance from the point of radiation to the point on the 
seafloor where the hydrophone was located. For the example illustrated in fig 1, 
considering the slope of the bottom and assuming that the emitter is situated closer to the 
shore than the receiver, we obtained an estimate of the distance along the bottom surface of 
around 1.5 meters. Since the amplitude of the signal was high, it is reasonable to conclude 
that we obtained a valid recording and that the emitter and receiver were in close 
proximity. 

 

  
 

Figure 1 – This is a snapping shrimp click recorded with evident echo signal reflected from the 
water surface. Abscissa - the time in ms, ordinate –sound pressure in relative units. 
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Figure 2 – Two snapping shrimp clicks which were recorded at 8:02 pm with an interclick 
interval of 0.84s. Abscissa - the time in ms, ordinate –sound pressure in relative units. 

 
Several times we observed very interesting events –  a double click of the same animal 

emitted from the same place with an interval of about 1s. An example of such an event is 
presented in the fig 2. The shapes of the two clicks with all their peculiarities are virtually 
identical. 

2.2 Blue bay  
At the point with coordinates ( 44.575N, 37.982E ) we recorded snapping shrimp 

signals using the hydrophone with an upper frequency limit around 200 kHz and with a 
sampling rate of 500 kHz. 
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Figure 3 – This is snapping shrimp click recorded with evident echo signal reflected from the 

water surface. Abscissa - the time in ms, ordinate –sound pressure in Pa. 29.06.2018, 6 h 30 m. 
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The hydrophone, descended from the pier, was located approximately 2.5 m below the 

water surface. The seafloor at this site was sandy and silty. Its surface at a depth of 4 m was 
relatively flat. The delay between the emitted signal and the echo indicated that the sound 
was emitted approximately 3m from a point of the bottom just below the suspended 
hydrophone. 

 

2.3 Karadag scientific station 
 In the T.I.Vyazemsky Karadag scientific station (Nature Reserve of the RAS) 

(44.911N; 35.202E) we recorded bioacoustic signals using the TC4014-5 hydrophone 
(RESON, 480 kHz resonance region), equipped with a miniature preamplifier located on 
the ceramic sensor. The frequency band of the amplification path was 1 MHz, and the 
quantization frequency was 5 MHz (14 bits). The analog to digital converter E20-10 has a 
low pass filter of 1.25 MHz and allow us to record of any digital information to a computer 
via the USB channel.  
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Figure 4 – This is a snapping shrimp click waveform recorded by a high frequency hydrophone. 

Abscissa - the time in ms, ordinate – sound pressure in relative units. 

0 100 200 300 400 500 600 700 800 900 1000
Frequency,kHz

-80

-70

-60

-50

-40

-30

-20

Le
ve

l, d
B

 
Figure 5 – Spectrum of the snapping shrimp click recorded by high frequency hydrophone.  

Abscissa - the frequency in kHz, ordinate – spectral level in dB in relative units. 
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At the site where snapping shrimp clicks were recorded, the seafloor was relatively flat 

and covered with sand, stones, and algae. The hydrophone was placed less than one meter 
from the surface and three meters above the seafloor. At this location only a few individual 
clicks were recorded.   

The recorded clicks were very short with very high amplitude. Unfortunately we were 
unable to measure its value in Pa, due to the lack of accurate gain calibration. The duration 
of the click was less than 10 mks (fig. 4). We estimated the spectrum of this signal. We 
found that the upper limit of a fairly high spectral power of the click reached 300 kHz (see 
fig. 5). 

 

3. DISCUSSION AND CONCLUSIONS 
The activity of snapping shrimps in temperate waters of the northern hemisphere differs 

significantly from their activity in tropical waters. In more habitual and long ago mastered 
places (tropical waters of Australia, Asia and America) individual pulses of animals 
belonging to different species often overlap. They also mix with other bioacoustical 
signals (5, 6). Snapping shrimps have began to inhabit the Black Sea relatively recently. At 
all points where we performed our recordings, high-amplitude single pulses were emitted 
with a comparatively low rate (less than once per second). According to (7) and our 
preliminary observations, only one species of snapping shrimp (Alpheus dentipes) lives in 
the Mediterranean basin and in particular in the Black Sea at present. This is confirmed by 
the fundamental similarity of the shape of clicks recorded at different points.  

Other bioacoustical sounds were recorded very rarely. Almost the only sound events 
that could be confused with shrimp clicks were echolocation pulses of dolphins. However, 
upon careful offline examination of the recordings, these signals were excluded based on 
the lack of a lower-frequency precursor. In addition, dolphin’s echolocation pulses were 
almost always emitted in series with small interpulse intervals.  

Regarding the spectral parameters of the emitted clicks, they are determined primarily 
by the characteristics of the recording system and, to a lesser extent, by the distance from 
the emitting source to the registration site. Interestingly, higher frequency hydrophones 
yelding recorded higher-frequency clicks, we found, suggesting that data obtained with 
using low frequency hydrophones significantly underestimate the complexity of click’s 
spectrums. Under favorable conditions (see Figure 5), the high-frequency edge of the click 
spectrum reached 300 kHz. 

The presence in many cases of a pronounced inverted echo signal from the surface of 
the water allowed us to determine the distance from the transmitter to the recording 
hydrophone. Using the records from several hydrophones located in different sites on the 
seafloor it is possible to achieve a strict localization of the emitter. Such techniques allow 
both an investigation of the behavior of individual animals, and monitoring of small 
shrimp populations in situ. Obviously, such monitoring could be productive both for 
assessing population dynamics and for identifying environmental factors, including 
anthropogenic influences that may affect the shelf ecology. 
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Abstract
Theoretical and experimental results show that the empirical Green’s function (EGF) can be extracted by cor-
relating the ambient noise between two sensors. Ambient noise was recorded continuously on two horizontal
line arrays (HLAs) deployed in shallow water with horizontal separations of approximately 0.5 km. Stable EGFs
(20–400 Hz) were extracted from ambient noise correlations between the HLAs using array beamforming which
can accelerate the convergence rate of EFGs significantly. The EGFs extracted from the short-distance arrays
have three distinct envelopes which correspond the head wave, the direct wave and the surface-reflected wave.
The fluctuations of travel times of EGFs are shown to be in agreement with the variations of sound speed files.
It is helpful in developing passive acoustic tomography systems. .
Keywords: Noise correlations, Arrival structures, Green’s function

1 INTRODUCTION
It has been demonstrated that the cross-correlation function of the Brownian noise at two positions yields the
arrival-time peaks as though there were an acoustic source at one position and a receiver at the other position
within a diffuse ultrasonic field.[10] The same theory of correlating the random signals to extract their coherent
aspects has been applied theoretically and experimentally to both land seismic[7] and ocean environments[8].
The time derivative of the correlations leads to an approximation of the empirical Green’s function(EFG) be-
tween the sensor points, which provides an alternative possibility for monitoring the ocean environment. The
surface reflected ray paths have been obtained the local Green’s function on a horizontal array with a length
of about 120m.[4] The critical angle can be extracted from the strength of the surface reflected ray paths. The
deterministic normal modes have also been retrieved from cross-correlations of acoustic noise on three moored
near-bottom instruments with horizontal separations of approximately 5km, 10km. [1]
In the ocean, though, the constantly changing environment means that the propagation path could change be-
fore the correlation reaches stochastic convergence. To enhance the emergence rate of EGFs, researchers have
implemented the beam-forming technique on a vertical array[9] and on two separated arrays[9, 5]. Our study
will show the improvement on the extraction rate of the EFGs from two horizontal arrays by beamforming
technique. The time arrival structures of the EFGs are analyzed and the different ray paths of the EFGs are
expected to be used in the passive acoustic tomography.
This paper is organized as follows. Section 2 presents a generalized theoretical formulation for the Green’s
function extraction with conventional beam-forming. Section 3 investigates the time arrival structures of the
EFGs extracted from ocean ambient noise in shallow water. The conclusions are summarized in Section 4.
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2 THEORY
The cross-correlation of the signals received at two separate sensors (the mth hydrophone of array A and the
nth hydrophone of array B, as shown in Fig. 1), is given by

Cm,n(τ) =
∫ Tr/2

−Tr/2
p(rA,m, t + τ)p(rB,n, t)dt, (1)

where Tr is the recording duration, rA,m and rB,n are the locations of the two sensors, and p(r; t) is the pressure
field recorded at each sensor. In the frequency domain, Eq. (1) becomes

Cm,n(ω) =
1
Tr

p(rA,m,ω)p∗(rB,n,ω), (2)

where p∗(rB,n,ω) is the complex conjugate of p(rB,n,ω), and ω is the angular frequency. The time derivative
of the NCF has been proved to be approximately the sum of time-domain EGFs[11]:

dCm,n(τ)

dτ
≈−G(rA,m,rB,n;τ)+G(rB,m,rA,n;−τ), (3)

where G(rA,m,rB,n;τ) is the causal EGF located at rA,m transmitting to rB,n, G(rB,n,rA,m;−τ) is the acausal EGF
transmitting from rB,n to rA,m, and τ is the time delay between the two receivers.

Figure 1. (Color online) Definition of the geometric variables for waves that travel from different directions
to two receiver arrays. The regions of constructive interference are indicated by gray, and the blue regions
correspond to the noise at the sides where τ < 0.

To improve the convergence of the cross-correlation function, the signals from two arrays of hydrophones can
be beam-formed and used in place of the signals from the two individual sensors. Now, it is assumed that
θ = θ0 is one of the end-fire directions of the mth hydrophone of array A and the nth hydrophone of array B,
as shown in Fig. 1. When the array is not very long, the plane wave beam on array A in the end-fire direction
of θ = θ0 can be expressed as

bA(θ0) = wH
A (θ0)pA, (4)
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where wA(θ0)= [wA1(θ0),wA1(θ0), . . . ,wAM(θ0)]
T is the weight vector of array A, with wAm(θ0)= exp(−iωτm(θ0)).

For simplicity and clarity, the regular frequency ω has been omitted. Here, (•)H denotes a complex transpose
operation, (•)T is a transpose operation, pA = [p(rA,1), p(rA,2), . . . , p(rA,M)]T is the frequency-domain signal re-
ceived by array A, and M is the number of array elements. Similarly, the plane wave beam on array B is
denoted by bB(θ0). The cross-correlation function between the beams of array A and array B in the direction
θ0 is

CAB(θ0) = bA(θ0)bH
B (θ0) = wH

A (θ0)pApH
B wB(θ0). (5)

With the beam-forming technique, the end-fire direction signals beneficial for extraction are not affected, but
the signals from non-end-fire directions are filtered out. One can obtain 20log10

√
MN array gain in ideal

conditions,[2] which means the emergence rate of extraction will be enhanced significantly.

3 EXPERIMENT
3.1 Overview of experiment

Figure 2. Schematic of the layout of the experiment site and the two bottom horizontal arrays. Arrays A and
B are approximately parallel to each other. A vertical thermistor chain was placed between arrays A and B to
acquire sound speed profiles.

Figure 3. (Color online) Spectrogram of the ambient noise recorded over 24 h in the frequency band
[10–1000 Hz]. The maximum value was set to unity (i.e., 0 dB).

The experiment was carried out in the South China Sea in 2018. Two self-recorded separated horizontal arrays,
arrays A and B positioned as shown in Fig. 2, were deployed on the bottom to collect noise signals in shallow
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water. The distance between arrays A and B is about 0.5 km. The two arrays are approximately parallel to
each other. A thermistor chain was used to achieve water column sound speed profiles (SSPs) during the
experiment for some time periods. Other technical features of the environment parameters have been described
previously.[3]
A typical normalized noise spectrum is shown in Fig. 3. The noise spectrum changes considerably and it
indicates that the ocean noise is highly non-stationary. The ambient noise level appears to be significantly
higher in the low-frequency band (f < 200 Hz) for most of the 24 h. At low frequencies, the ambient noise
field is primarily dominated by shipping noise.

3.2 Experimental results

Figure 4. Envelope of EGFs extracted from different element numbers for an accumulation time of 24 h.

Here, arrays A and B were used to extract the EFGs between them. 24 hours of ambient noise was segmented
into consecutive short intervals, each of duration 10 s. Prior to computing the cross-correlation functions, each
10 s of recorded data was filtered in the dominant frequency band (20–400 Hz).
Figure 4 compares the EGFs obtained by two hydrophones and two arrays for different element numbers. It
can be seen from the figure that the beamforming technique significantly improve the rate of EFGs extraction
from ocean ambient noise.
The time-domain of the EFG between the two short-distance is shown as the black line in Fig. 5a. From
the figure, it can be seen that the signal contains three envelopes. At the same time, the ray-based Bellhop
simulation was calculated for 210 Hz, which is the center frequency of 20–400 Hz. The arrival-time structure
of the ray-based simulation is also shown by solid line in Fig. 5b. It can be found that the second peak
corresponds to the direct path. The third peak corresponds to the eigenray striking the sea surface once.
From the simulation, it can be found that the first peak of the extracted signal does not relate to any eigen-
ray in water column. From its arrival time, it can be obtained that the sound speed of the first envelope is
about 1610 m/s, which is almost equal to the sediment sound speed in the experimental area. It is known that
oceanic sources can cause head waves at the water-sediment interface. Consider a point source that produces
a spherically spreading wave in a simple waveguide. Inside the critical range, where the incident ray is above
the critical angle, the direct wave splits into reflected and transmitted waves.[6] Beyond the critical range, the
direct wave is totally reflected. However, at the critical range, where the incident ray is exactly at the critical
angle, the transmitted wave travels parallel to the interface. This part of the transmitted wave is the so-called
lateral wave.
In the EFGs extraction, one correlates noise signals between two receivers by averaging over a sufficiently long
time, and then only the noise sources propagating through both receivers contribute to the EGFs. Thus, the
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Figure 5. (Color online) (a) Comparison of ray-based time arrivals (colorful stem pattern) of Green’s function
with the EFG extracted from experiments (blue line). (b) Ray-based simulated eigenrays corresponding to the
ray paths in (a), and the black line represents the head wave.

Figure 6. (Color online) Time-domain EGFs extracted from ambient noise between arrays A and B by beam-
forming every 24 h for 30 days. The maximum amplitude in each signal was set to 1.
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first envelope comes from lateral waves transmitting through two arrays in sediments. After correlating the
noise, these lateral waves become a head wave in the extracted EFG. The sediment sound speed, which plays a
significant role in the sound propagation, can be inverted directly.
Figure 6 shows the experimental EFGs every 24 h for 30 days. From the figure, it can be seen that the arrival
times of head waves are constant over time. However, the arrival times of the second and third envelopes
fluctuate with different time due to the change of the SSPs in water column.

4 CONCLUSIONS
The use of beamforming technique dramatically improves the strength of the correlated signal and reduces the
time needed to build up the signal peak when correlating ambient noise recorded at horizontally separated sen-
sors. Stable EGFs (20–400 Hz) were extracted from the ambient noise correlations from three arrays for about
five moths certificate the robustness of this methods. Head waves, which can be used to invert the sediment
sound speed, were obtained from the EFGs between two short-distance arrays. The arrival time fluctuations of
the EFGs extracted from two long-distance arrays can be used to conduct the passive tomography.
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Abstract
Coastal upwelling is an oceanographic phenomenon that challenges the understanding of acoustic propagation,
especially when it extends to shallow water areas with complex geographic configuration. The data used in
this paper was collected in a semi-enclosed bay filled by the upwelling stream through an inlet off the island of
Cabo Frio, in the coast of Brazil. The experiment was carried out in January 2019, under the BIOCOM project,
a joint initiative between the Brazilian Navy and the University of Algarve (Portugal). Broadband acoustic
signals were transmitted over a 1.6 Km-long transect across the upwelling flow during five days. These signals
were superimposed in a soundscape formed by a strong biological acoustic signature and boat engine noise
due to close by recreation activities. Signals were received in two hydrophone arrays: one vertical and another
horizontal, close to the bottom. Comparisons between the signal and noise power, during a period when the
upwelling stream was present, indicates an increasing of the transmission loss about 10 dB. Besides, further
modeling computations were carried out in order to support the understanding about the underwater acoustic
propagation in this complex environment.
Keywords: Underwater acoustic propagation, acoustic monitoring, coastal upwelling

1 INTRODUCTION
Coastal upwelling [8] is an oceanographic phenomenon which consist typically in the motion of dense, colder
and nutrient rich water towards the surface. This phenomenon challenges the understanding of acoustic propa-
gation, especially when it extends to shallow water areas with complex geographic configuration.
The Cabo Frio upwelling system is an anomaly in Southeast Brazilian coast that influence ocean temperature
stratification, sound wave propagation and biological activity [6, 3]. Upwelling in this region, especially during
the spring and summer seasons, brings rich and colder waters to the surface. These conditions motivate the
development of a large diversity of marine organisms which contribute and shape the underwater soundscape.
An initial acoustic propagation study about the considered region, was initiated in [1]. Although the contri-
butions of this work, only modeled data were shown considering the upwelling phenomenon. Otherwise, this
work presents a preliminary study regarding the influence of the upwelling phenomenon through the experimen-
tal comparisons of signal and noise power in a period when a highly dynamic system was formed.
The joint project ”BioCommunications” between Brazilian Navy Institute of Sea Studies and the University of
Algarve-Portugal aims to acoustically characterize, in a long term, the biological activity and its correlation
with the upwelling regime and other biotic and abiotic factors. In this sense, the channel characterization is
a fundamental step performed by means of acoustic propagation monitoring to understand the related features
that may influence this complex environment. The BIOCOM’19 experiment took place from 14-18 January,
2019, in the bay of the Island of Cabo Frio, where broadband acoustic transmissions were performed over a 1.6
km-long transect across the upwelling flow during five days. Signals were received in two hydrophone arrays:
one vertical and another horizontal, close to the bottom. For acoustic monitoring purposes, only data collected
for the vertical array was considered in this work. Previous long term soundscape recordings in this area [2]
have shown a persistent biological acoustic signature reaching levels of 74 to 84 dB. It is anticipated that the
transmissions during the BIOCOM’19 experiment will have low signal to noise ratio due to the biological noise
and the variability due to abiotic factors such as the upwelling regime.
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The experimental results indicate an increasing of transmission loss (TL) about 10 dB when the upwelling
system is present. Besides, further modeling predictions were carried out, using the TRACEO Seismo-Acoustic
ray based model [7], which provide additional support regarding the sound propagation.

2 THE BIOCOM’19 EXPERIMENT
The BIOCOM’19 experiment took place at a shallow water site, in Cabo Frio Island Bay, during Jan14-18,
2019. In a previous initiative the biological soundscape has been continuously monitored over a year using
a four hydrophone array, disposed in a pyramidal shape, was placed close to the rocky shore, in an almost
flat bottom location. During the BIOCOM’19 experiment, another four-hydrophone linear array was installed
spanning 4.5m of an 8m water column and a vector sensor approximately 1m above the bottom, both located
just a few meters on each side of the pyramid horizontal array, as shown in the diagram of Fig.1.

Figure 1. Diagram of the BIOCOM’19 experimental setup (not to scale)

The recording system was configured with sampling frequency of 52734Hz, a quantization of 24 bits, where
each hydrophone has a sensitivity of -174.9 dB re 1V/1microPa and a frequency response between 0.1 and 40
kHz. For acoustic monitoring and communication purposes, an omnidirectional acoustic source, ITC 1001, was
located approximately 1.6 km from the receivers, as shown in Fig.2.

Figure 2. Position of source, receivers and propagation line across the bay of Cabo Frio Island during the
BIOCOM’19 experiment.
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The source was placed in the middle of the 4m deep water column, hardwired to the transmission system on
shore. The bathymetry changes strongly along the propagation path. Most part of the path has an almost flat
5m deep bottom. However, in its deepest part, the propagation path crosses the entrance of the bay. Pointing to
Southwest/South, the entrance connects the bay to the region off the Cabo Frio Island where upwelling occurs
(see bathymetry and bay geo-morphology in Fig.2).
During the experiment, several sound speed profiles (SSP) and temperature recordings were collected along
track, variably spaced between acoustic source and receivers, reaching depths in the interval 4-20m. Such
measurements allowed observations of short-term drastic temperature changes of about 10 degrees Celsius in a
few hours (Fig.3), possibly due to the upwelling regime occurring off the southern side of the bay rocky shore,
and the cold water sipping through the narrow entrance termed as Boqueirão in Fig.2.

Figure 3. Temperature profiles collected at the Boqueirão narrow inlet bay entrance.

Different signal schemes were transmitted in this upwelling environment for specific purposes according Table
1. The data block is composed of four codes and each code is preceded by a silence guard time of 5s. After
code 4, there is a final guard time of 40s. Therefore, the total duration of the data block is 4min20s. The data
block was transmitted once every 5 minutes during the experiment (Fig.4), but with different source power level
(SL). The transmission and recording systems were synchronized at minute 45. Therefore, from minute 45 to
minute 10 of next hour, the blocks were transmitted with constant SL, to check codes consistency. Next, from
minute 15 to 40, the SL was reduced in 1dB after each transmission, to reduce the SNR and allow performance
analysis.

Table 1. Data block: Binary Phase Shift Keying, CHSK: Chirp Shift Keying, LFM: Linear Frequency Modula-
tion, CW: Continuous Wave, FSK: Frequency Shift Keying.

Code Modulation Bandwidth (kHz) Duration(s)
- Silence guard time - 5
1 BPSK 5-10 60
- Silence guard time - 5
2 8-CHSK 4.5-12.2 60
- Silence guard time - 5
3 LFM/CW 2-9/2-12 60
- Silence guard time - 5
4 8-FSK 5-10 20
- Silence guard time - 40
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Figure 4. One-hour diagram of different SL transmissions, once every 5 minutes, during the experiment. First
transmission at minute 45 with SL. Last transmission at minute 40 with SL-6dB. Total duration of data block:
4min20s.

3 PRELIMINARY RESULTS AND ANALYSES
To investigate this complex regime of acoustic propagation, a four-hydrophone linear array was considered to
record received acoustic pressure at various depths. Among the signals transmitted for several purposes, a
parabolic linear frequency modulation (LFM) with band between 8.75kHz and 9.25kHz was chosen to perform
a study combining the sound pressure level (SPL), TL and SNR levels. The source level (SL) was calculated
based on the transmitting voltage response of the acoustic source, considering the LFM band frequency, which
corresponds to 135.4 dB plus 32 dB regarding a estimation of 40Vrms. Thus, the SL corresponds to a fixed
value of 167.4 dB. The estimated TL and SNR were calculated as TL = SL - Sl (dB) and SNR = Sl - NL (dB)
[4], where

Sl = signal level (dB)

NL = noise level (dB)

Acoustic data and environmental information were selected for a period of Jan 16, 13:02 to Jan 17, 09:02.
These period shows a strong temperature gradient, probably because the upwelling effect (see Fig.3). Data time
for all results in this paper correspond to UTC-2. Received signals were filtered in the same frequency band of
the transmitted signal to compute signal and noise power. The SPL were calculated based on the power spectral
density estimate, regarding the LFM frequency band, considering a time window containing the LFM signal and
a subsequent one, in the silence guard time, for the noise level.
Signal and noise power are presented in Fig.5 where thick lines correspond to the average values, calculated
using a average filter, and peaks presented in the signal curve were related to the SL variation, as explained
in section 2. In Jan 16 afternoon, all curves presented a low SPL level, which coincided to when the water
temperature was colder. About Jan 16, 15h, the signal energy almost decreases below the noise energy, which
will probably hamper the signal detection. Actually, during the analysis of this period, some files did not
present any signal in this band, which is believed to be due to the upwelling interference. Conversely, on Jan
17, an increasing in the SPL levels can be noted which coincided with a increase of temperature. Therefore,
SPL decreases during upwelling events (lower temperatures) and increases when a downwelling (the opposite of
upwelling) occurs. Furthermore, TL and SNR curves are shown in Fig.6 (a) and (b), respectively. The TL curve
was calculated based on a fixed SL minus the signal level received at the hydrophones. Overall, the difference
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(a) (b)

(c) (d)

Figure 5. Signal and noise power and its corresponding average values (thick lines) in frequency band 8.75kHz-
9.25kHz. Peaks presented in the received signal were due to the SL variation, as explained in section 2.
Hydrophones depths are: ≈ 2.5m (a), 4.0m (b), 5.5m (c), and 7.0m (d).

in energy loss was about 10 dB from Jan 16 afternoon to Jan 17 morning. As explained above, the experiment
was planned for a environment with low SNR and, around Jan 16, 15:38, the SNR presented a mean value of
3dB and, after that, it was increasing as explained above, up to 10 - 15 dB, depending on the considered array
channel.
Further simulations were performed to support the evidence about the upwelling effect on sound propagation.
In this sense, two sound speed profiles were used. One collected at Jan 16, 15:32, and the other at Jan 17,
11:17 (see Fig.7). A sea bottom with sand dominate the experiment site. Thus, it was assumed a sediment
(compressional) sound speed of 1650 m/s, a density of 1.9 g/cm3 and an attenuation of 0.8 dB/λ [5]. For
modeling purposes, was considered the geometry as depicted in Fig.1. The TRACEO model was used to cal-
culate predictions, taking into account the source/receiver line (see Fig.2) and a central frequency of 9kHz was
considered. The result presented in Fig.7(a) suggests that the acoustic signal crosses the entrance of the bay and
reaches the receivers with much lower energy than that obtained in the case of a decreasing upwelling scenario
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Figure 6. Estimated transmission loss (TL) and signal to noise ratio (SNR) in dB for each array hydrophone.

(Fig.7(b)). Numerical predictions also show that the difference of the mean values at the hydrophone line array
is about 10dB, which corresponds approximately to a propagation loss of 55dB and 45dB comparing Figs.7(a)
and 7(b), respectively.
Additional perspective is presented in Fig.8, which shows experimental estimated against predicted arrival pat-
terns. Received signals at the vertical array were selected in two different moments: Jan 16, 18:06 and Jan
17, 08:12, considering upwelling Fig.8(a) and downwelling Fig.8(b), respectively. To account properly with am-
plitudes, data were normalized for its maximum value considering the vertical array in both moments (Jan 16,
18:06 and Jan 17, 08:12), for experimental and modeling result separately. During the intense upwelling, the
amplitude of all channels seems weaker than those received when the water was warmer. Furthermore, the num-
ber of arrivals presented in Fig.8(a) are lower in all channels than those presented in Fig.8(b). Although some
discrepancies presented in the model predictions, channel 3 (5.5m depth) presents a good agreement regarding
the time of arrivals and amplitude. The discrepancies found in the comparisons are believed to be related to
water depth, frequency and SNR levels. Yet such discrepancies do not invalidate the evidence regarding the
upwelling effect on sound propagation.

4 CONCLUSIONS
This work presented a preliminary study of the upwelling effect on acoustic propagation in the Cabo Frio island
bay. The study was performed through comparisons of the experimental result regarding the SPL, TL and SNR.
A strong correlation between the presence of the upwelling events (lower temperatures) and the decreasing
of signal power, consequently, an increasing of TL values were showed which certainly will impact in the
communications performance and biologic monitoring. Experimental results of TL show a difference of more
than 10dB from Jan 16, afternoon to Jan 17, morning. Furthermore, modeling results suggests that the cold
and dense water from the upwelling stream have behaved like a filter for the sound propagation, at the entrance
of the bay. Results also suggests that the number and amplitudes of arrivals are reduced when the upwelling
effect is present. Future works will be oriented to use LFM signals, in the same band of the biological noise,
to analyze signal and noise power, as well as TL and SNR. Moreover, it is intended to perform a water column
properties inversion in these highly dynamic system to track temperature changes and its corresponding effect
in acoustic propagation.
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Figure 7. Numerical predictions of TL, calculated with TRACEO [7], using a transect based on source/receiver
line (see Fig.2). Calculations were performed for two different regimes of temperature: upwelling (a) and
downwelling close to the deepest site (b). Data time regarding the sound speed measurements corresponds to
Jan 16, 15:32 and Jan 17, 11:10, respectively.
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Abstract
A theoretical and numerical study of sound propagation in a serial system of cylindrical and concentric Helmholtz
resonators is conducted. By altering the geometry of each subsequent Helmholtz resonator it is possible to gen-
erate very low frequency resonances. Using the transfer matrix method an analytical formulation for the acoustic
absorptive properties of the this serial configuration is proposed. An optimization method is developed to tune
the system for the absorption of sound waves at specific frequency ranges. Through this study it is shown that
using an optimized configuration of Helmholtz resonators in the low frequency range, sound absorption can
be achieved at sub-wavelength sample thicknesses. The results of the analytical study are validated through
numerical means.
Keywords: Helmholtz resonator, Absorption, Optimisation

1 INTRODUCTION
Typically used sound absorbers consist of bulky porous/ fibrous materials which is often impractical for low
frequency sound absorption due to the mass-density law [2]. To overcome this, acoustic metamaterials con-
sisting of Helmholtz resonators are have been utilised to achieve broadband sound absorption at sub-wavelength
thicknesses [3]. Of particular relevance to this paper is the extensive research that has been undertaken on cylin-
drical and concentric Helmholtz resonators using the Transfer Matrix Method (TMM) [5, 9, 7, 6], highlighting
how this relatively simple analytical method can be a useful tool for the analysis and optimisation of various
configurations of Helmholtz resonators.
This report sets out a theoretical model to analyse the absorption characteristics for a serial system of N cylin-
drical, concentric Helmholtz resonators, extending the work conducted on duel resonators in [10]. This also
provides a simple and computationally inexpensive method in which optimisation can then be implemented to
maximise the absorption at desired frequencies. A comparison is then made between the results obtained an-
alytically and those produced by numerical analysis for validation. This is done for the case of three serial
Helmholtz resonators.

2 GEOMETRY
An axisymmetric view of the studied geometry can be seen in figure 1. Here it is evidenced that the geometry
consists of a waveguide in which the end is loaded with a serial system of Helmholtz resonators. These are
placed end-to-end and the Nth resonator cavity results in velocity termination. The plane wave propagates from
left to right. It is worth noting that Rt denotes the radius of the waveguide, Rni denotes the neck radius for the
ith HR and Rci denotes the cavity radius for the ith HR. Lni and Lci denote the length of the neck and cavity
for the ith HR, respectively.
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Figure 1. Geometry for seriel system of N Helmholtz resonators

3 THEORETICAL MODEL
3.1 Transfer Matrix Method
The theoretical modelling is performed by using the transfer matrix method, which relates the initial sound
pressure, p, and normal acoustic particle velocity, v, at the start (x=0) and end (x=L) of the system of Helmholtz
resonators. The transfer matrix, T, is derived under the assumption that only plane waves propagate in the
system. From this the reflection and transmission coefficients can be calculated. The system is written as[p

v

]
x=o

= T
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v
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][p
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Where T is the product of the transfer matrices for each section of each HR within the system,
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N

∏
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The transmission matrix for the ith HR neck and cavity take the following forms, respectively.
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cross sectional area.
The transmission matrix that accounts for the end corrections of the neck of the ith HR is written as
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Where ∆l is arrived at from the addition of two correction lengths ∆l = ∆l1 +∆l2 written as
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The first length correction, ∆l1, is due to pressure radiation at the discontinuity from the neck to the cavity
of the HR [4], while the second length correction, ∆l2, comes from the radiation at the discontinuity from the
neck to the surrounding medium [1].
To determine the entrance impedance for a system of resonators you multiply the final T matrix by [1,0]T which
accounts for the velocity termination at the end of the final resonator. From this the impedance can simply be
found as follows

Z =
Px=0

vx=o
=

T11

T21
(8)

Similarly, the reflection coefficient is also determined by the final Transmission matrix and can be found using
the following expression

R =
T11−T21Z0

T11 +T21Z0
(9)

from which the absorption coefficient can be computed by

α = 1−|R|2 (10)

3.2 Visco-thermal Losses
The propagation of acoustic plane waves in a circular cross section of radius r, with viscothermal losses, is
given by the following complex frequency dependant density and bulk modulus, as described in [8].

ρ = ρ0

(
1− 2J1(rGr)

rGrJ0(rGr)

)
(11)

κ = K0

(
1+(γ−1)

2J1(rGk)

rGkJ0(rGk)

)
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Where Gr =
√
−iωρ0

η
and Gk =

√
−iωρ0Pr

η
, in which ρ0 is the density, K0 = γP0 is the bulk modulus, γ is the

ratio of specific heats, P0 is the atmospheric pressure, Pr is the Prandtl number and η is the dynamic viscosity.

4 Optimisation
In order to achieve maximum absorption for specified frequencies, whilst adhering to geometrical constraints, a
method of optimisation was used to output the optimal dimensions required. This was implemented by first cre-
ating a square wave with a value of 1 around the target frequencies. Then by limiting the absorption coefficient
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function to the frequencies in which the square wave is 1, the optimal dimensions are outputted by minimising
the following objective function.

Ob jective f unction = area(square wave) − area(α) (13)

Using this method for target frequencies of 100Hz, 300Hz and 500Hz with a maximum radius of 50mm for the
waveguide and cavities (noting that the radius of the necks is always less) the following optimised absorption
coefficient for three nested Helmholtz resonators is produced. The total length of this system is 7.05cm which
equates to a sample thickness ratio of λ /49 at 100Hz, where an absorption of 0.77 is achieved.

Figure 2. Optimised absorption coefficient for three Helmholtz resonators in series

It is worth noting that each subsequent resonator in the series is resonating at a lower frequency than the last.
This is achieved, in part, by the reduction in neck radius of each subsequent resonator. This is evidenced in
table 1 which contains the optimised geometry for this specific case.

Table 1. Optimised geometry dimensions for serial array of three Helmholtz resonators

N 1 2 3
Rn (mm) 6.40 2.90 1.20
Rc (mm) 50.0 45.6 49.6
Ln (mm) 5.40 4.50 2.2
Lc (mm) 22.0 15.6 20.8

5 Numerical Validation
In order to provide numerical validation for the analytical method a model was produced in COMSOL multi-
physics 5.0 using the dimensions obtained in the optimisation process. This utilises the finite element method
(FEM) to calculate for the complex pressure within a specified geometry. The modelling of viscothermal losses
was achieved by using the ’circular duct’ model within the ’narrow regions’ feature of the acoustic module
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within COMSOL. This was applied specifically to the neck regions of each HR. The absorption coefficient was
ascertained using the two microphone method. The absorption coefficient for both the numerical and analytical
methods can be seen in figure 3.

Figure 3. Numerical validation for the optimised absorption coefficient for three Helmholtz resonators in series

From figure 3 it is evident that there is excellent agreement in regards to the resonant frequency of each
Helmholtz resonator. However, there is evidently a discrepancy in regards to the amplitude of the absorption
peaks. By comparing the numerical results to the analytical it can be seen that the low frequency resonator
is over-performing, achieving perfect absorption, with the latter resonators underperforming. Whilst this is a
positive results in regards to low frequency absorption it also highlights that the modelling of visco-thermal
losses is not completely consistent between the two methods. Regardless of this fact, the analytical model is
still validated but further experimental work would be required to fully determine how the interplay of losses
affects the absorption peaks.

6 Conclusions and Future Work
In this paper, a simple and effective analytical method of modelling a system of N cylindrical, concentric nested
Helmholtz resonators is outlined. Upon implementation into an optimization algorithm to maximise the absorp-
tion at specific frequencies given geometrical constraints, an analytical absorption coefficient of approximately
0.77 at 100Hz is obtained. With the overall thickness of the system being 7.05cm the 100Hz absorption occurs
at a sample thickness ratio of λ/49. Further large absorption peaks are obtained at the desired frequencies of
300Hz and 500Hz. This shows it is possible to achieved low frequency sound absorption at sub-wavelength
sample thicknesses using this configuration.
Numerical validation highlights excellent agreement on the resonant frequencies of each resonator, proving the
TMM matrix accounts for the coupling that occurs between resonators. However, there is some disagreement
in the amplitude of the absorption peaks which points to minor inconsistencies in the modelling of the visco-
thermal losses. In the numerical model perfect absorption is obtained at 100Hz (an over-performance) and the
two higher frequency resonators under-perform in regards to absorption. Overall the model is still valid but
further understanding of the losses is still required.
Further work needs to be conducted in providing experimental validation to the results attained here to solid-
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ify the theory as correct. Additionally, more work can be done on understanding the mechanism behind the
coupling of Helmholtz resonators in this configuration, which could prove useful for low frequency sound ab-
sorption. Also, a larger system of resonators (3+) can be analysed and porous media introduced which could
lead to more broadband low frequency absorption instead of the individual resonator peaks seen here.
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ABSTRACT 

Three-dimensional (3D) phononic crystals give rise to the so-called 3D phononic bandgaps, which are 

frequency ranges where the propagation of elastic or acoustic waves is prohibited along all spatial directions. 

Phononic crystals show various potential applications, such as vibration suppression, noise isolation, 

waveguiding and filtering, etc. By appropriately terminating the 3D phononic crystals, the elastic waves can 

be guided at the surface and/or the edge of the finite-size crystals. The 3D-printed phononic crystal samples 

are experimentally tested to assess the transmission spectra of surface and edge modes in the finite-size 

structures. And the experimental results show good agreement with the theoretical predictions. The surface 

and edge modes would open up avenues for the manipulation of elastic waves in periodic structures, and 

show great potential for designing complex and compact phononic circuits.  

 

Keywords: Phononic crystal, Bandgap, Elastic wave 

1. INTRODUCTION 

For its unique physical properties, phononic crystals (PnCs) open up a new avenue to control the 

propagation of acoustic or elastic waves. The existence of a phononic bandgap exhibits a lot of 

potential applications, such as noise reduction, waveguides, acoustic filters, energy harvesters, to 

name a few (1).  

For realizing three-dimensional (3D) manipulation of elastic waves 3D periodic structures are 

indispensable. 3D phononic bandgaps, which are frequency ranges where the propagation of elastic 

waves is prohibited along all spatial directions, can only be achieved in 3D PnCs. The bandgaps 

smother the entire 3D Brillouin zone, not just any one plane for two-dimensional cases.  

Just like bound states can exist at the surfaces and edges of 3D photonic crystals (2, 3), similar 

bound states can also be observed at the surfaces and edges of 3D PnCs. However, compared with the 

bulk modes, the investigations of the surface and edge modes in 3D PnCs are rather limited. In this 

work, we study the elastic surface and edge modes in finite-size 3D PnCs both numerically and 

experimentally.  

2. GEOMETRICAL MODEL 

The scheme of the 3D PnC is illustrated in Fig. 1(a). The cubic scatterers (resonators) are arranged 

periodically and connected by thin cylinders. The 3D PnC is of the simple cubic lattice and possesses 

the six-connected network topology (4). Thanks to the periodicity of the PnC the wave behavior (i.e., 

the band structure) can be calculated in one unit-cell by using the Bloch theorem. The PnC samples are 

formed by 3D printing with the photopolymer material (mass density ρ = 1200 kg/m
3
, Young’s 

modulus E = 3.3 GPa and Poisson’s ratio ν = 0.41). Considering the sample fabrication and 

experimental activity, the unit-cell size is chosen as a = 25 mm, where a is the lattice constant. In this 

work, all numerical results are calculated by the finite element method using the commercial software 

COMSOL Multiphysics. The band structure of the PnC unit-cell is shown in Fig. 1(b). A complete 

bandgap can be observed in the band structure, which is of the frequency range [10.7 kHz, 29.0 kHz]. 

                                                        
1 tianxue.ma@uni-siegen.de 
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Notably, a large band gap for bulk modes is beneficial for further investigations of the surface and edge 

modes.  

 

Figure 1 – (a) Scheme of the 3D PnC. (b) Band structure of the PnC unit-cell.  

3. ELASTIC SURFACE AND EDGE MODES 

Free surfaces can be formed by terminating an infinite 3D PnC at the top and bottom surfaces. The 

scheme of the super-cell for studying the surface modes is illustrated in Fig. 2(a). The band structure of 

the super-cell is given in Fig. 2(b), where the frequency ranges of the elastic bulk modes are indicated 

by the shadowed zones. Five bands can be found inside the bandgap. However, the lowest two bands 

are too close to the bulk modes and hardly be used in practice. Thus, the three bands in the middle of 

the bandgap, which correspond to the surface modes, are taken into account in the work. And the 

frequency range of the surface modes is [19.7 kHz, 23.0 kHz]. Due to the existence of the complete 

bandgap, the elastic surface modes cannot penetrate into the bulk.  

 

Figure 2 – (a) Scheme of the PnC super-cell for the surface modes. (b) Band structure of the PnC super-cell, 

where the frequency ranges of the bulk modes are indicated by the shadowed zones. 

 

Similar to the case of surface modes, we terminate the 3D PnC at the top, bottom, front and back 

surfaces in order to investigate the elastic edge modes. The scheme of the super-cell is plotted in Fig. 

3(a), where the super-cell consists of 1 × 5 × 5 unit-cells. The band structure of the super-cell is shown 

in Fig. 3(b). One can see four bands corresponding to the edge modes inside the bandgap, where the 

lowest one is close to the bulk modes and is neglected in the following discussion. The other  edge 

modes are of the frequency ranges [21.8 kHz, 22.0 kHz], [22.1 kHz, 24.0 kHz], and [26.7 kHz, 28.7 
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kHz], respectively. Such edge modes are confined at the edges of the PnC due to the bandgaps for the 

bulk and surface modes.  

 

Figure 3 –(a) Scheme of the PnC super-cell for the edge modes. (b) Band structure of the PnC super-cell, 

where the frequency ranges of the bulk modes are indicated by the shadowed zones. 

 

In the experiments, the samples are fabricated by 3D-printing, where the finite-size PnCs with 6 × 

7 × 7 and 7 × 4 × 4 unit-cells are utilized for investigating the surface and edge modes, respectively. 

The excitations (out-of-plane polarization) are generated by the piezoelectric patches attached on the 

samples. And the reference points are set near the sources. The out-of-plane displacements at the 

reference and detection points are collected by the Polytec PSV-500 scanning vibrometer. The 

transmission coefficient T is evaluated as the ratio of the displacement amplitudes between the 

detection and reference points, i.e., T = 20log10(|u2|/|u1|), where the subscripts 1 and 2 denote the 

reference and detection points, respectively. The experimental transmission coefficients are shown in 

Fig. 4. The pass bands for the surface(edge) modes obtained by the band structures are highlighted by 

the transparent blue zones. It is seen that the transmission peaks appear in the frequency ranges of the 

pass bands (the transparent blue zones), which correspond to the elastic surface (Fig. 4(a)) or edge (Fig. 

4(b)) modes. Moreover, the transmitted bulk modes (especially below 10 kHz), as well as the bandgaps,  

can be identified in the transmission spectra. Therefore, the experimental results show good agreement 

with the theoretical predictions.  

 

Figure 4 –Transmission spectra for the (a) surface and (b) edge modes, where the pass bands for the surface or 

edge modes are indicated by the transparent blue zones.  
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4. CONCLUSIONS 

By appropriately terminating the 3D PnCs, the elastic waves can be guided at the surface and/or the 

edge of the finite-size crystals. The 3D-printed samples are experimentally tested to assess the 

transmission spectra of surface and edge modes. And the experimental results show good agreement 

with the theoretical predictions. In the future, the bulk, surface and edge components may cooperate 

with others in complex 3D PnC circuits. The surface and edge modes can also be utilized for sensing 

applications.  
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Abstract 

Human kind have developed materials and structures which have high stiffness and strength with 

low density inspired by Nature. The sandwich structure is one of the most famous one, which has 

been widely used in air crafts, automobiles and architectures. Despite the high 

stiffness-to-density ratio, it still lacking the ability to control acoustic or elastic wave. 

 

Recently, investigations on waves propagation in periodic structures, known as the phononic 

crystals, have been received considerable attention. The most important characteristic is the band 

gap, frequencies in which the propagation of elastic or acoustic waves are prohibited. The 

mechanisms of band gaps are Bragg scattering and local resonance.  

 

Efforts have been exerted on using both types of the band gap to control the elastic wave 

propagating in the sandwich structure. In this study, we studied the chessboard design of 

pyramid-core sandwich structure which improve the wave attenuation property significantly but 

maintains the stiffness-to-density ratio. 
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Abstract
This paper presents a monostable acoustic metamaterial for achieving a broadband sound absorption in low
frequencies. The proposed system is realized by placing a flexible panel with a magnetic proof mass in a
symmetric magnetic field. An equivalent circuit model of such a system is presented. It is shown that the sound
absorption peak significantly shifts downwards with the increasing magnetic field. In the nonlinear regime,
the jump phenomenon is observed in the frequency sweeping test. Numerical simulation demonstrates that the
proposed design can realize a broadband low frequency sound absorption in the deep subwavelength scale.
Keywords: Sound absorption, acoustic metamaterial, monostable

1 INTRODUCTION
Sound absorption is an important topic in noise control engineering. Traditional sound absorption materials in-
clude porous materials and fiber materials. They are mostly effective in the middle and high frequency ranges.
While in the low frequency range, resonant structures are often used to gain better sound absorption perfor-
mances. However, their applications in real practice are quite limited due to the large back cavities involved in
very low frequencies. Some researchers proposed to resolve the problem by place a flexible back wall or adding
flexible structures in the absorbers (1, 2). Others designed compound absorbers using multiple layers of microp-
erforated panels or membranes to broaden the absorption bandwidth in the low frequencies (3-5). However,
these complex structures have only limited sound absorption capability in the deep subwavelength scale.
In recent years, acoustic metamaterials (AMMs) have drawn a lot of attention in the noise control community
due to their unusual properties. Among various implementations of AMMs, membrane- and plate-type AMMs
are particularly important for noise control (6, 7). They are relatively simple and light-weighted, having the
ability to actively tune the absorption characteristics. When properly designed, this type of AMMs can achieve
a high sound absorption in the deep subwavelength scale. Unfortunately, it is narrow-banded in nature due to
the causality constraint on the minimal structural thickness (8).
In this paper, a monostable acoustic metamaterial is proposed and its equivalent circuit model is presented. It
is shown that the sound absorption peak significantly shifts downwards with the increasing magnetic field. In
the nonlinear regime, a jump phenomenon is observed in the frequency sweeping test. Numerical simulation
demonstrates that the proposed design can realize a broadband low frequency sound absorption in the deep
subwavelength scale.

2 MODELING
The proposed monostable absorber, illustrated in Figure 1, consists of a plate-type AMM with a centered mag-
netic proof mass. Two external magnets are symmetrically positioned in coaxial with the proof mass, resulting
an attractive force on each side of it. For such a configuration, the proof mass and one of the two external
magnets would snap together if their gap is small, which changes the overall boundary conditions of the system
and disables the system. Care should be taken to adjust the external magnets away from the proof mass so that

∗(1)Email: lixianh@vip.sina.com
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the elastic force of the plate is always larger than the magnetic attraction. Meanwhile, the gap should be small
enough to ensure the strong coupling between the plate and the external magnets for better performances.

Figure 1. Diagram of the monostable absorber

The monostable absorber can be modeled by an equivalent circuit, as shown in Figure 2.

Figure 2. Equivalent circuit of the monostable absorber

Suppose a plane wave with an amplitude of pin incident on the absorber from above, it drives the AMM with
a blocked pressure 2pin, which vibrates with the air loadings from both sides, together with the loading due to
the magnetic interaction between the proof mass and the external magnets. The impedance of the air above is
ρc and that of the air in the cavity is Zcav =− jρcctg(ωD/c), where ρ is the air density, c the air sound speed,
ω the radian frequency, and D the depth of the cavity.
The impedance of the AMM is

ZAMM = S
(

∑
n

jω(
∫

φn (x)dS)2

Mn(ω2
n −ω2 +2 jζnωnω)

)−1

, (1)

where S is the surface area of the plate, Mn, ωn, and ζn are the modal mass, natural frequency, and modal
damping ratio of the nth mode of the AMM, respectively. Assuming that the dynamics of the AMM is domi-
nated by a single mode φi, Equation 1 reduces to

ZAMM ≈ S
Mi(ω

2
i −ω2 +2 jζiωiω)

jω(
∫

φi (x)dS)2 . (2)
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The magnetic force between the proof mass and the external magnets is approximated by

fNL ≈−k1x− k3x3, (3)

where x is the displacement of the proof mass, k1 and k3 are the linear and nonlinear stiffness coefficients
derived from the magnetic force. The corresponding impedance is

ZNL =
k1

jωS
− k3

jωS

(
v̄

ωβ

)2

, (4)

where v̄ its surface averaged velocity. The magnetic loading is connected to the circuit through a transformation
element with the transformation ratio

β = 〈φi〉/φi,0, (5)

where φi,0 and 〈φi〉 are the center and the surface averaged values of the ith modal shape, respectively.
When pin is small enough, the monostable absorber can be considered as a linear resonator. The magnetic
interaction works as a negative stiffness as in Reference (9). The effective impedance from the air cavity and
the magnetic interaction is

Ze f f = Zcav + k1/( jωSβ
2)≈ ρc2

jω

(
1
D
+

k1

ρc2β 2S

)
, (6)

where the low frequency approximation ωD/c� 1 is made. Note that k1 < 0 due to the symmetrical setup
of the external magnets, its effect on the monostable absorber is equivalent to a cavity with a larger depth
De f f =

(
1/D+ k1/ρc2β 2S

)−1. Hence the absorption peaks shift downwards to the lower frequencies.
To simulate the dynamics of the monostable absorber in the time domain, the above equations in the frequency
domain are rewritten as the following equation

Mẍ(t)+(2ζiωiM+ρcβ
2S)ẋ(t)+

(
K +ρc2

β
2S/D+ k1

)
x(t)+ k3x3(t) = 2βSpin(t), (7)

where the dot denotes the time derivative, M = Mi/φ 2
i,0, and K = Mω2

i .
For the case of moderate acoustic and magnetic fields applying on the absorber, the system is weakly nonlinear
and the dissipated acoustic power is approximated by

Pdiss = 1/2(2ζiωiM) |ẋ|2 , (8)

where |ẋ| denotes the velocity amplitude of the proof mass.
The acoustic power incident on the absorber is

Pin = Sp2
in/2ρc. (9)

The sound absorption coefficient of the absorber is defined as

α = Pdiss/Pin = 2ρcζiωiM |ẋ/pin|2 /S. (10)

3 VALIDATION
To validate the above model, an absorber is made up of a aluminum disk of radius 34 mm and thickness 0.28 mm,
backed by a rigid cylindrical cavity of depth 49 mm. The material has a density of 2700 kg/m3, Young’s mod-
ulus 69 GPa, Poisson’s ratio 0.33, and modal damping ratio 0.08. The density of the air is 1.21 kg/m3 and its
sound speed 340 m/s. On each side of the disk, a proof mass of weight 0.183 g is placed at the center. Two
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Table 1. Absorption peaks of the monostable absorber

Gap [mm] 3.2 3.7 6.0 ∞

k1 [N/m] -1540 -913 -170 0
Predicted [Hz] 274 297 320 327
Measured [Hz] 276 296 312 328

external magnets are symmetrically positioned in coaxial with the proof mass. The attractive force on each side
is measured with a dynamometer and the effective stiffnesses are obtained by curve fitting.
Firstly, the absorber is installed in a impedance tube and tested according to ISO 10534-2 (10). In the linear
regime, the interaction between the proof mass and the external magnets leads to a negative stiffness effect. The
predicted peak frequencies are in good agreement with the measured data, which is shown in Table 1.
To investigate the nonlinear dynamics of the monostable absorber, a frequency sweeping test is conducted with
a sweep rate of 18 Hz/s. The driving sound pressure is monitored with a microphone in front of the absorber,
which is about 90 dB in the test. The back cavity is removed so that the velocity of the absorber can be
measured by a laser vibrometer. The results from the upward and downward sweep are shown in Figure 3,
which clearly shows a jump phenomenon due to a softening nonlinearity. In the numerical simulation, the
following parameters k1 = −0.13 N/mm, k3 = −290 kN/mm3, ζi = 0.01, and pin = 0.048 Pa are used. The
simulation results are shown in Figure 4. It should be noted that the above parameters are not obtained from
the experimental setup and used for illustration only. Further work is needed for the purpose of validation.

Figure 3. Frequency response of the velocity on a point near the proof mass: upward sweep, black line;
downward sweep, red line

The last example illustrates a broadband low frequency absorber in a deep subwavelength scale. The structure
parameters remains the same except that the back cavity depth is reduced to 5 mm. The gap between the
external magnets and the proof mass is chosen to be 1.4 mm, which has the effective stiffnesses k1 =−23 N/mm
and k3 =−45.7 N/mm3. The nonlinearity is negligible for the current configuration. As shown in Figure 5, the
peak absorption frequency drastically shifts downwards from 723 Hz to 161 Hz. The relative bandwidth is also
broadened due to the symmetrically positioned magnets.
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Figure 4. Frequency response of the velocity of the proof mass: (a) upward sweep, (b) downward sweep

Figure 5. Absorption coefficients of the absorbers with (red line) and without (blue line) the external magnets
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4 CONCLUSIONS
This paper proposed a monostable acoustic metamaterial which places a plate-type AMM with a magnetic
proof mass in a symmetric magnetic field. Under the assumption that the absorber is dominated by a single
mode, the equivalent circuit model is obtained by connecting the nonlinear impedance to that of the AMM
through a transformation element. It is shown that the sound absorption peak significantly shifts downwards
with the increasing magnetic field. In the nonlinear regime, a jump phenomenon due to a softening nonlinearity
is observed in the frequency sweeping test. Numerical simulation demonstrates that the proposed design can
realize a broadband low frequency sound absorption in a deep subwavelength scale.
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Validity assessments of optical transfer function measurements for technically
premixed flames
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Abstract
When analysing thermo-acoustic systems, flame transfer-functions are an essential tool for modelling the feedback
of a flame to acoustic perturbations. This paper compares optical and fully acoustic methods for measuring
such transfer functions, when progressively switching from fully- to technically-premixed combustion in an
atmospheric lab-scale combustor. Optical methods relate the chemiluminescence of the flame to the acoustic
forcing, in order to extract the flame response at different frequencies. In the technically-premixed scenario, the
validity of the integrated chemiluminescence as a proxy of the heat release rate is jeopardized, and it is usually
recommended to adopt the fully acoustic method. The present paper illustrates the progressive deviation of the
two approaches when the degree of unpremixedness is increased, and provides a systematic comparison of the 2
approaches. This assessment is of utmost importance, as flame transfer functions are the core element of linear
models used for thermoacoustic stability assessment, such as lumped network models or Helmholtz solvers.
Keywords: Flame transfer function, optical measurement, technically premixed
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Abstract
Curved geometries often make sound propagation complex. Such complexity may cause acoustical problems
including flutter echo and sound focusing. When designing the geometry, acoustic simulation can be helpful
to prevent such problems. Fourier spectral method (FSM) is a simulation method by approximation using the
Fourier basis. Although FSM has many advantages such as its high convergence rate, the application range of
the conventional FSM is limited to a simply-shaped domain with a specific boundary condition. In a realistic
acoustics room setting, there exist a lot of room shapes beyond the scope of FSM. At the same time, the Fourier
extension (FE) has been proposed for approximating a function on a complicated domain by the Fourier basis.
It can be expected that the FE expands the application range of FSM. In this paper, we introduce FE into FSM
for extending it to make a computational domain enclosed by curved boundaries tractable.
Keywords: Fourier spectral method, curved boundary, Fourier extension, function approximation

1 INTRODUCTION
Acoustic wave-based simulation has been widely studied for predicting or understanding acoustical phenomena.
In wave-based method, a solution of the wave equation is approximated by arbitrary polynomial, which explains
the wave properties well. Then, they are studied by finite difference time domain method (FDTD) [1–3] and
finite element method (FEM) [4].
In the wave-based simulation for acoustics field, a complex-shaped domain is often focused because it makes
sound field complex, and its prediction is difficult more than simple one. Sometimes curved boundary, associ-
ated with a complex-shaped domain, causes acoustical problems such as flutter echo or sound focusing. Some
researches and simulations are conducted for preventing such problems [3, 5–7].
Fourier spectral method (FSM) is a simulation method by approximation using the Fourier basis. FSM is often
used for fluid mechanics and earth science, and it has several advantages including its high convergence rate, but
the application range of the conventional FSM is limited to a simply-shaped domain with a specific boundary
condition because of characteristics of the Fourier basis. Since many real objects have a complex-shaped interior
space, the conventional FSM cannot be applied to such space [8–12].
At the same time, the Fourier extension (FE) has been proposed for approximating a function on a complicated
domain by the Fourier basis. It can approximate a nonperiodic function which is treated as a periodic function
in an extended domain. Then, it can be expected that FE expands the application range of FSM [13, 14].
In this paper, we introduce FE into FSM for handling a domain enclosed by curved boundary. Since this is a
first step, the Dirichlet boundary condition is considered in this paper. As a result, FSM becomes possible to
handle a curved boundary defined on non-grid points. Some influence of parameter selection is evaluated and
discussed by numerical simulation on a calabash-shaped domain.
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2 FOURIER SPECTRAL METHOD
Spectral method is a numerical simulation method with high accuracy, because it globally approximates a func-
tion by high order polynomials. In spectral method, an unknown function u(x) is approximated by N basis
functions φ(x),

u(x) ≈ uN (x) =
N−1∑
k=0

akφk(x). (1)

One example of basis functions φ(x) is the Fourier basis used in the inverse discrete Fourier transform (iDFT),

u(x) =
N−1∑
k=0

û(k)eikx 2π
N , (2)

where û(k) is Fourier transform of u(x), i means imaginary unit, and k means wave number. In this case, the
differential operator can be expressed as

∂nu

∂xn
=

N−1∑
k=0

(
2πik
N

)n

û(k)eikx 2π
N . (3)

This derivative is more accurate than the other methods as the finite difference method. In addition, it can be
efficiently computed by the fast Fourier transform (FFT) algorithm. This differentiation via the Fourier bases is
used to approximate the spatial derivative of a partial differential equation. However, owing to the periodicity of
the Fourier bases, the standard spectral method can only be applied to simple domain and boundary condition,
which is the main limitation [8–11].

2.1 Example of Fourier Spectral Method
In acoustic simulation, distribution of sound pressure can be expressed by

P n = P (n∆t), (4)

where ∆t is discrete time steps, n ∈ N is the time index. In this paper, a grid points set constructing the P is
on the Cartesian grid. Let the trapezoidal rule is considered for approximating the time integration. At first, the
wave equation is denoted by

∂2P

∂t2 = c2 4 P, (5)

where c means sound speed, and 4 means the Laplace operator. When v is partial derivative of P with respect
to t (v = ∂P/∂t),

P n+1 − P n

∆t
= 1

2
(
vn+1 + vn

)
(6)

is obtained by discrete integration using the trapezoidal rule. In this paper, initial condition of v (condition of
v at t = 0) is 0. Then, the wave equation can be represented using v:

vn+1 − vn

∆t
= c2

2
(
LP n+1 + LP n

)
, (7)

where L is the second order spatial differential operator approximating the Laplace operator. Then, a scheme is
obtained by Eq. (6) and Eq. (7),{

1 −
(

∆tc

2

)2
L

}
P n+1 =

{
1 +

(
∆tc

2

)2
L

}
P n + ∆tvn. (8)
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Finally, Eq. (8) is calculated in FSM by,

N−1∑
k=0

{
1 −

(
∆tc

2

)2
L̂

}
P̂ n+1(k)eikx 2π

N =
N−1∑
k=0

[{
1 +

(
∆tc

2

)2
L̂

}
P̂ n(k) + ∆tv̂n(k)

]
eikx 2π

N , (9)

where L̂ is the frequency-domain representation of L [14].

3 FOURIER EXTENSION
Because of the Fourier bases’s periodicity, simulations over a complex-shaped domain are difficult for the stan-
dard FSM. FE is a technique to approximate a nonperiodic function f on [0, 1]2 by the Fourier bases, where
the periodicity of the Fourier bases is treated by extending the computational domain to [0, T ]2, and T (> 1) is
an extension parameter. Therefore, FE is expected to widen the application range of the FSM.
In this paper, we consider two-dimensional case. At first, we define some domains shown in Fig. 1. In this
figure, PR and PR̂ are extended spatial domain and frequency domain, respectively, PΩ and PΛ are set of NΩ
grid points and set of NΛ bases, respectively, and a red line means the boundary PδΩ. Then, the main problem
of FE is formulated by a least squares problem,

a = argmin
c∈CNΛ

∑
x∈PΩ

∣∣∣∣∣∣f (x) −
∑

k∈PΛ

ckφk(x)

∣∣∣∣∣∣
2 (

φk(x) = eikTx 2π
T

)
, (10)

where kT is the transpose of k, c is the Fourier coefficients, and a is the solution set of c. The solution a can
be found by collocation, through solving the rectangular system,

Aa = b , A ∈ CNΩ×NΛ , b ∈ CNΩ , (11)

where A is the Fourier extension operator, a subblock of multi-dimensional unitary iDFT matrix. Then, AS

means the Fourier extension operator over spatial domain S. In addition, the boundary of the computational
domain is contained inside of the extended domain. In this technique, over-sampling rate q = NΩ/NΛ is one of
important parameter, q > 1 is necessary for better accuracy [13, 14].

𝑃"

𝑃#$

𝑃%

𝑃#

𝑎 Spatial domain 𝑏 Frequency domain

Figure 1. Relation between the extended domain and original domain. The spatial domain Ω encompassing the
grid points set PΩ, and the frequency domain Λ encompassing the frequency points set PΛ.
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3.1 Fourier spectral method using Fourier extension
We introduce FE into FSM. According to Eq (9), this matrix system is

AΩ

AδΩ2

{
I −

( ∆tc
2

)2
L̂

}−1

...

AδΩk

{
I −

( ∆tc
2

)2
L̂

}−1


[{

I −
(

∆tc

2

)2
L̂

}
P̂n+1

]
=


AΩ

[{
I +

( ∆tc
2

)2
L̂

}
P̂n + ∆tvn

]
wh2

...
whk

 , (12)

where h means a boundary value, and w means a weight for boundary domain δΩ. In this paper, w = 1 for
simplicity.

4 NUMERICAL EXPERIMENT
4.1 Experimental Condition
In this paper, we calculate a sound field enclosed by the curved boundary shown in Fig. 1, which is given by

r(θ) = 30
{

cos(2θ + π

2 ) + 2.5
}

, θ = [0, 2π), (13)

and set the homogeneous Dirichlet boundary condition to it. Other experimental conditions are summarized in
Table 1, and ζb is defined as ratio of points on boundary NδΩ to NΩ,

ζb = NδΩ

NΩ
. (14)

Table 1. Simulation condition.

NR 216

NΩ 214

NΛ 26, 28, 210

ζb 1, 5, 10

Spatial discretization interval [m] 1

Time discretization interval [ms] 2

Sound speed [m/s] 340

4.2 Evaluation Error
In this paper, we evaluated three kinds of errors; Extension error, boundary error and energy error. In FE
process, we solved the matrix equation using iterative method with error tolerance 1.0 × 10−10. we defined the
extension error,

EΩ = ‖b − AΩa‖2

‖b‖2
. (15)

where ‖·‖p is the `p-norm. In calculation without error, boundary value on RδΩ is constant in every time steps.
In this calculation, priority of boundary value in optimization is controlled by boundary weight. We defined the
boundary error,

EδΩ = ‖h − AδΩa‖2. (16)
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This system have no theoretical decay factor, energy Q around RΩ must be conserved. The energy around
spatial domain is defined as

Q = (τ + σ)
Qmax

, (17)

where

τ = 1
2

∥∥∥∥∂P
∂t

∥∥∥∥2

2
, σ = c2

2 ‖∇P‖2
2 , (18)

and Qmax means the max value of Q over all the simulation time steps [15].

4.3 Simulation
The typical results of the wave propagation are shown in Fig. 2 with NΛ = 28 and ζb = 5. Fig. 2(a) illustrates
the initial condition of this simulation, (b)-(f) show the radiation of the wave with time evolution.
At first, we performed simulation, with changing ζb, then, the obtained results are shown in Fig. 3. In this
results, when ζb is 1, EδΩ is higher than other cases, and Q is decreasing with time evolution. The cases of
ζb = 5 and ζb = 10 suggest similar trends, but ζb = 10 is more accurate than ζb = 5.
In addition, the results of changing NΛ with ζb = 5 are in Fig. 4. According to Fig. 4(b), a trends of EδΩ
are almost same over every parameters. NΛ = 26 is best condition about EΩ, but its energy is considerably
decreasing with time evolution. Then, the case of NΛ = 28 has smaller value in EΩ than the case of NΛ = 210,
but about energy Q conservation, the case of NΛ = 210 is better than the case of NΛ = 28. According to Fig. 3
and Fig. 4, ζb has influence of the boundary error EδΩ, and NΩ has influence of the extension error EΩ.

(a)  𝑡 = 0	 (c) 𝑡 = 0.4(b) 𝑡 = 0.2	

(d) 𝑡 = 0.6 (e) 𝑡 = 0.8 (f) 𝑡 = 1.0
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Figure 2. Snapshots of the P at t seconds, and their experimental conditions are NΛ = 28 and ζb = 5.

5 CONCLUSION
In this paper, we introduced FE into the FSM, and implemented simulations over the domain enclosed by the
curved boundary. At first, the scheme of FSM for the wave equation is formulated by trapezoidal rule, and FE
as a least squares problem is defined. In addition, the matrix system should be calculated directly was obtained
by above all. Finally, we evaluated three kinds of error with changing dominant parameters for accuracy, and
we confirmed the existence of parameter combinations having higher accuracy, NΛ = 28, ζ = 5 are one of
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better combination for parameters over this paper. Then, ζb has influence of boundary error EδΩ, and NΩ has
influence of extension error EΩ.
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Figure 3. Experimental results with NΛ = 28 and changing ζb.
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Figure 4. Experimental results with ζb = 5 and changing NΛ.
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ABSTRACT
With a rapid development of modern Additive Manufacturing Technologies it seems inevitable that they will
sooner or later serve for production of specific porous and meta-porous acoustic treatments. Moreover, these
new technologies are already being used to manufacture original micro-geometric designs of sound absorbing
media in order to test microstructure-based effects, models and hypothesis. In the view of these statements,
this work reports differences in acoustic absorption measured for porous specimens which were produced
from the same CAD-geometry model using several additive manufacturing technologies and 3D-printers.
A specific periodic unit cell of open porosity was designed for the purpose. The samples were measured
acoustically in the impedance tube and also subjected to a thorough microscopic survey in order to check
their quality and look for the discrepancy reasons.

Keywords: Sound absorption, Additive Manufacturing Technologies

1. INTRODUCTION
Although standard materials for acoustic treatments are still very competitive, there is a need for novel acous-
tic materials and meta-materials which can meet specific requirements, or simply, are better optimised for
particular noise conditions. One of the most important features of porous materials – responsible for their
sound absorbing performance – is their micro-geometry. Tools for the microstructure-based modelling of
sound absorbing media seem to be well-established now [1, 2, 3, 4] and they should allow for design of
optimised periodic micro-geometries of novel acoustic treatments. On the other hand, there is still a need for
further development and experimental validations, especially, in the case of the designed porous media with
complex microstructures. Finally, technological issues linked with fabrication of such novel porous materials
with designed morphology should be investigated. Modern Additive Manufacturing Technologies [5, 6, 7, 8]
can be considered as suitable for prototyping of samples of novel materials and other numerically-designed
material samples for experimental validation of the developed acoustic models and their implementations.
However, the possible influence of each 3D-printing technology should be first investigated.

This work proposes two periodic geometries of open porosity, which can be 3D-printed (using vari-
ous Additive Manufacturing Technologies) in the form of porous samples with the well-known (designed)
morphology. The 3D-printed samples are measured for their acoustic absorption coefficient; the results are
compared and discussed with respect to some specific features related to the manufacturing technologies.

2. PERIODIC POROSITY AND MANUFACTURING OF POROUS SAMPLES
2.1. Periodic porous geometry
Two cubic periodic porous cells were designed for the purpose of this research. In both cases, the periodic
porosities are fully open and are composed of spherical pores linked with short cylindrical channels.
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The first porous cell is very simple: it contains a single spherical pore which is linked with identical
pores of the adjacent cells through very short (horizontal or vertical) channels of the same size. The pore
diameter is 0.9L and the channel diameter is 0.4L, where L = 5 mm is the size of cubic cell. This One-Pore
Cell (OPC) is depicted in Figure 1(a) in two versions: the first one is with the pore centred inside the cube,
and in the second one (which is periodically-shifted by 0.5L in the vertical direction) the pore centre is
at the centre of top and bottom faces of the cubic cell. The latter cell version was set into a 6× 6× 12
3D-array, from which a cylindrical shape was cut out as depicted in Figure 1(b). The height of the cylinder
is 12L = 60 mm, whereas its diameter was set to (nearly) 29 mm, which is the nominal internal size of
the dedicated impedance tubes used for acoustic measurements. In fact, the diameter was set to 28.9 mm,
28.8 mm, or 28.7 mm, depending on the 3D-printing device and technology used for sample fabrication so
that each cylindrical sample fits well inside the impedance tube. In particular, in the case of metal samples
the diameter was set to 28.8 mm and these samples could still be wrapped in tape to fit tightly inside the
tube without scratching it.

(a) (b) (c) (d)

Figure 1. The geometry of periodic cells and the porous cylinders constructed from them: (a) the periodic
cubic cell with a single spherical pore – the original and periodically shifted version (on top); (b) the cylin-
drical geometry for the One-Pore-Cell (OPC) sample; (c) the periodic cubic cell with four different spherical
pores; (d) the cylindrical geometry for the Four-Pore-Cell (FPC) sample.

The second porous cubic cell is depicted in Figure 1(c). Its size is also set to L = 5 mm. The cell
contains four pores of different diameters, namely, equal to 0.68L, 0.60L, 0.58L, and 0.53L. The pores
are interlinked with short channels. Such porous geometry was obtained by modifying a periodic assembly
of pores generated automatically by the algorithm described in [9]. The Four-Pore Cell (FPC) was set into
a 6× 6× 10 3D-array, from which a cylindrical shape was cut out in the same way as in the case of the
simpler cell, only now the length of cylinder is 10L = 50 mm. The geometry of porous cylinder is shown in
Figure 1(d).

From the cylindrical porous geometries – like the ones depicted in Figure 1(b,d) – STL files were gen-
erated and used by various slicer software dedicated to different 3D-printing devices which served for man-
ufacturing of porous samples as discussed below.

2.2. 3D-printing technologies and 3D-printed samples
Five different Additive Manufacturing Technologies [5, 6] and six 3D-printing devices were used to fabricate
the designed porous samples from different materials [8], namely:

FDM: Fused Deposition Modelling also known as Fused Filament Fabrication (FFF) with polymer Acryloni-
trile butadiene styrene (ABS) filament as material with 3D-printers (1) Zortrax M200 and (2) Flash-
Forge Creator PRO;

DMLS: Direct Metal Laser Sintering of metal (aluminium) powder with 3D-printer (3) EOSINT M280;

SLS: Selective Laser Sintering of polymer powder with 3D-printer (4) Sinterit Lisa (only for an FPC sample);

SLA: Laser Stereolithography with epoxy resin as material and 3D-printer (5) FormLabs Form2;

UV LCD: Ultraviolet curing of epoxy resin using LCD matrix with 3D-printer (6) Zortrax Inkspire (only for
an OPC sample).
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10 porous samples were fabricated using these 3D-printers and the STL files of the geometries shown in
Figure 1 and descried above, namely, 5 OPC samples and 5 FPC samples, because the UV LCD printer
Zortrax Inkspire was used only for an OPC sample, while the SLS printer Sinterit Lisa was used only to
manufacture one FPC sample.

The OPC samples are depicted in Figure 2 and also in Figure 3 where a magnified view of the top face
of the high-quality SLA sample is also presented. All samples are cylindrical and they fit very well inside
29 mm impedance tubes, though the metal sample is wrapped in a tape to avoid scratching the tube. The
height of all OPC samples is 60 mm.

(a) (b) (c) (d)

Figure 2. OPC samples (height 60mm) for 29mm impedance tube, fabricated using various Additive Man-
ufacturing Technologies and 3D-printers: (a) FDM – Zortrax M200, (b) FDM – FlashForge Creator PRO,
(c) DMLS – EOSINT M280 (aluminium sample wrapped in tape), (d) UV LCD – Zortrax Inkspire.

Figure 3. A polymer resin OPC sample (height 60mm) for 29mm impedance tube, fabricated using the SLA
technology with FormLabs Form2 3D-printer: top face view and a zoom

The FPC samples are shown in Figures 4 and 5. Additionally, Figure 6 compares zoomed surfaces of two
FPC samples manufactured with FDM technology, but using different devices (Zortrax M200 and FlashForge
Creator PRO). A magnified view of the top face of the FPC sample fabricated from epoxy resin using
FormLabs Form2 SLA-technology printer is shown in Figure 5. All FPC samples are in the form of 50 mm
long cylinders and they fit very well inside 29 mm tubes, though again, the metal sample is wrapped in tape
to protect the tube from scratching.

(a) (b) (c) (d)

Figure 4. FPC samples (height 50mm) for 29mm impedance tube, fabricated using various Additive Man-
ufacturing Technologies and 3D-printers: (a) FDM – Zortrax M200, (b) FDM – FlashForge Creator PRO,
(c) DMLS – EOSINT M280 (aluminium sample wrapped in tape), (d) SLS – Sinterit Lisa.

4507



Figure 5. A polymer resin FPC sample (height 50mm) for 29mm impedance tube, fabricated using the SLA
technology with FormLabs Form2 3D-printer: top face view and a zoom.

Figure 6. Comparison (zoom) of top faces of two FPC samples manufactured using the FDM technology but
different 3D-printers: Zortrax M200 (left) and FlashForge Creator PRO (right).

3. MEASUREMENTS OF SOUND ABSORPTION
3.1. Results for One-Pore-Cell samples
Sound absorption for all porous samples was measured in 29 mm impedance tubes (at 3 laboratories) in
accordance with the Two-Microphone Transfer Function Method [10]. Figure 7 presents the results for 5
OPC samples in the frequency range reaching 6.4 kHz. The following observations can be reported.

• In general, the curves of the measured acoustic absorption coefficient are quite similar for all samples.
In particular, three peaks in sound absorption are observed at about 1 kHz, 3.1 kHz, and 5.2 kHz.

• Nevertheless, some differences between the results from different samples are noticeable, especially, in
the case of one of the FDM samples (the one 3D-printed with Zortrax M200) for which the absorption
at the two first peaks and also between the peaks is slightly larger than for the other samples. One of
the reasons may be a much rougher surface of this sample – see Figure 6 where it is compared with
a smoother surface of the other FDM sample.

• The absorption curves for both resin samples, that is, the ones manufactured using SLA and UV LCD
technologies, are very similar, in fact, nearly identical, although these samples were manufactured and
measured independently at two different laboratories. For these samples the absorption at the peaks
and between them is slightly lower than for the other samples, perhaps, because the surfaces of these
samples are very smooth, see Figures 3 and 2(d).

• The “high-quality” FDM sample – which was 3D-printed with FlashForge Creator PRO after some
laborious tests and trials with different ABS filaments and 3D-printing parameters – absorbs acoustic
waves in a way similar to the smooth resin samples, though the absorption at the peaks is slightly
higher for the FMD sample.

• At frequencies below 3.5 kHz, the absorption curve measured for the aluminium sample (EOSINT
M280) is very similar to the result obtained for the “high-quality” FDM sample (FlashForge Creator
PRO), however, at higher frequencies it tends to be closer to the absorption curve of the other FDM
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Figure 7. Sound absorption for 60 mm-long cylinders of porous periodic OPC samples

sample (Zortrax M200). The sintered metal surface is rather rough (in a specific way, quite different
than the roughness of FMD samples), however, one should be aware of the fact that the absorption
results measured for the metal sample may also be influenced by the soft wrapping tape.

3.2. Results for Four-Pore-Cell samples
Figure 8 compares the acoustic absorption coefficients measured for 5 FPC samples. These are the results of
standard sound absorption measurements, that is, for the samples directly backed by a rigid wall (i.e., by a
rigid piston or other rigid termination of an impedance tube). Additionally, for 4 FPC samples (SLS, SLA,
and 2 FDM ones) the sound absorption was also measured in configurations with an air cavity between the
back face of the sample and the backing rigid termination of the impedance tube. The results for the porous
samples with the 20 mm air cavity are shown in Figure 9, while the absorption of the samples backed with
the 40 mm air cavity are compared in Figure 10. The following is observed.

• The absorption curves are very similar in the whole frequency range below 4 kH (or 4.5 kHz) – for all
FPC samples, except for the metal one which was wrapped in a soft tape (the curve for this sample is
presented only in Figure 8). Even this absorption curve, however, is rather similar to the other curves
at frequencies below 3 kHz.

• The discrepancies between the results obtained for different samples increase above 4.5 kHz, although
even there some curves tend to be similar in a moderate way.

• In the considered frequency range (up to 6.4 kHz) there are four absorption peaks (the first two at about
800 Hz and 2.6 kHz) – for the measurements without backing air cavity. As expected, the presence of
an air cavity shifts all peaks to lower frequencies, so that an additional (the fifth) peak appears below
the frequency-range limit (see Figure 10).
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Figure 8. Sound absorption for 50 mm-long cylinders of porous periodic FPC samples backed by a rigid wall
(i.e., no air cavity)
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Figure 9. Sound absorption for 50 mm-long cylinders of porous periodic FPC samples backed with 20 mm
air cavity (between a sample and the rigid wall)
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Figure 10. Sound absorption for 50 mm-long cylinders of porous periodic FPC samples backed with 40 mm
air cavity (between a sample and the rigid wall)

4. FINAL REMARKS
• Although the samples were manufactured independently at different laboratories and by using various

Additive Manufacturing Technologies, the measured sound absorption curves are similar or very simi-
lar for all OPC samples in the whole considered frequency-range (up to 6.4 kHz), and also for more
morphologically complex FPC samples in the frequency range below 4.5 kHz.

• The corresponding results obtained for the epoxy resin samples (SLA and UV LCD), the “better-
quality” FDM samples, and the SLS sample tend to be very similar to each other (i.e, with better
agreement than to the other results), which can be related with the quality of these samples.

• The sound absorption measured for the FPC metal sample is significantly different above 3 kHz than
the corresponding results for the resin or polymer samples. However, this can be caused by the soft
wrapping tape which was applied for the metal sample to protect the impedance tube from scratching.
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ABSTRACT
The range of products developed by the most common absorption principles that fulfil high performance 
tuned to specific frequencies, low price, sustainability and aesthetic quality is often limited to porous 
materials. The quarter wavelength tube principle may perform well, even in low frequencies, but in a narrow 
frequency range. To widen the range, multiple tubes can be tuned to multiple frequencies by choosing 
combinations of lengths and diameters. If designed properly, less material is needed thus lower price and 
tubes can be easily re-used. Based on a research through design method a more broadband sound absorber 
using drinking straws has been developed. Measurements of the normal incidence sound absorption 
coefficient were performed in an impedance tube and compared to an analytical model based on the theory of 
viscothermal wave propagation in prismatic tubes. Different tube materials and geometries were examined 
regarding the influence on their performance. The outcomes of this study led to a sound absorber based on 19 
different straw lengths that absorbs well in the frequency range from 400Hz till 1000Hz. The importance of 
these absorbers can be high when it comes to selective frequency performance that needs to be cost- effective, 
sustainable and aesthetically pleasing.

Keywords: quarter-wavelength tube, sound absorber, drinking straws

1. INTRODUCTION
The sound field in a space is highly influenced by the size of the room and the finishing materials 

used on the surfaces. For working environments, it is noise which is the most prevalent source of
annoyance [1] [2]. Especially regarding open-plan layouts, even though they provide efficiency in 
terms of spatial configuration [3] and improve the communication between employees [3], speech 
noise is widely recognized to be disruptive [3]. Open plan spaces often lack in sound absorption and 
shielding, resulting in big, uncomfortable and noisy spaces. This implies that preventing sound 
propagation over long distances is important. The main acoustic source of disturbance in an open-plan 
area is usually speech. Decreasing sound levels in a room usually means the use of a sound absorbing
acoustic product. However, a lot of products usually have a fixed performance for a specific frequency 
range, have no possibility of tuning them to specific frequencies, and sometimes permanently fixed 
thus is hard to re-use the same products in another space. Last but not least, very few acoustic products 
have a high aesthetic quality.

By choosing a sound-absorbing principle based on the shape of the absorber and tuning at specific 
frequencies for high performance offers freedom not only for the acoustic treatment of different spaces 
but also for the design of the product. The main objective of this research is to develop a design for a
free-standing sound absorbing product based on the quarter-wavelength tube principle. Specifically, 
the design focuses on the production of a series of units that aim at frequencies between 400Hz – 1000 
Hz, taking into consideration that the frequency range that is dominating in the A-weighted speech 
level is 500-100Hz [4]. This frequency range is selected by considering the range of the human voice
but because higher frequencies can easily be treated with porous absorbers.

1 ioanna.christia@gmail.com
2 {m.j.tenpierik; f.setaki; m.bilow} @tudelft.nl
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2. METHODOLOGY

2.1 Theory
The development of the absorber design bases on the results of research, more specifically a 

comparison between theory and measurements. The working principle of sound absorption in tube 
resonators is based on the resonance of the air inside the tube. The tubes have an open and an open or
closed end and usually have a uniform shape along their length. In the tubes with both open ends and 
length=L, the energy of a standing wave with wavelength ( ) =2L is attenuated at the node at L/2. For 
the tubes with a closed end, a sound wave entering one of these tubes will travel to the closed end and 
be reflected back to the other side where it arrives opposite in phase to the oncoming wave in the pipe. 
This interference between the two waves determines where peaks in attenuation appear; friction along 
the pipe walls creates viscothermal damping. Tube resonators are also called half or 
quarter-wavelength resonators, since the maximum absorption takes place when a half (2open ends) or
quarter (1 open, 1 closed end), and odd multiples, of the acoustic wavelength are equal to the 
resonator’s length. The optimal tube length (Leff) for a quarter wavelength tube can be determined 
easily from Eq. (1). 

                                    (1)

Where,
fres is the resonance frequency [Hz], n is any integer starting from 1 and c is the speed of sound in air 
[m/s]

As mentioned before, the resonator’s length determines the main frequencies at which sound is 
absorbed, and the resonator radius and the ratio of hole/surface of the panel determine the height and 
the width of the absorption peaks. Due to inlet effects the effective length of the resonator is larger than 
the actual length. Therefore an end correction is added to the geometrical length of the tube. This effect 
has been studied extensively for different configurations of the entrance of the tube. The end 
correction depends on the local geometry at the entrance and ending of the tube. The effective length 
Leff is the geometrical length L increased by a small increment d [5]. The increment d for a single tube 
with the opening in an infinite baffle is equal to:

                                       
8
3
Rd                                            (2)

Where,
R is the radius of the tube [m]

If the tube is open on both sides, the end correction is applied on both sides [6]. For a perforated 
panel that is equally distributed by a distance [m] the end correction for each side is:

                                     
8 (1 0.44 )
3

R Rd
a

                                    (3)

This means that Leff=L+d, so according to whether we deal with a single tube or a perforated panel,
a different d (eq.2 or eq.3) is taken into account.

This research contains two different steps. First, the theory of quarter wavelength tubes attenuation 
is translated into a Matlab script based on the theory of viscothermal wave propagation in prismatic tubes
[7]. This script is then used to calculate how different tubes and combinations of tubes can be combined to 
create a certain desired absorption spectrum. At the same time, measurements on samples including 
different quarter wavelength tubes were conducted in an impedance tube B&K 4206 at the Faculty of 
Architecture and the Built Environment of the TU Delft, according to EN ISO 11654 [8], tube diameter 
10cm; and the outcomes are used for the design development. The impedance tube is chosen because of the 
controlled conditions it provides and the need of small samples that are easy to manufacture. On the other 
hand the results are not representative of the performance of a bigger sample and are based only on normal 
incidence sound absorption.
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2.2 Results
The simulations/tests are organized in terms of different tube materials and geometries. The basic

materials used are drinking straws. Since here quarter wavelength tubes are investigated, one end had 
to be capped. The other (open) end was placed in a 1cm thick MDF cylinder to be able to seal the 
surface airtight around it. The aim is to have results as close to theory as possible and use the outcomes 
for the design decisions. Below a selection of the results are shown.
The thickness of the plastic material of the tube doesn’t seem to influence the absorption performance 
of the drinking straw, as shown in Figure 1. Small differences of 6 Hz-7 Hz might be resulting from the 
1-2 mm of length difference of the two.

The performance of an extendable straw with corrugations is compared to a rigid one in Figure 2. 
Also this does not seem to influence the absorption performance of the tube. The difference in the peak 
frequency comes from the inaccuracy in determining the length of sample 1. For this reason extendable 
straws are not further used in the design proposal.

A cardboard and a plastic straw were compared in Figure 3. The performance doesn’t seem to be 
influenced. The 18 Hz of difference correspond to 5 mm of different lengths which might be because of 
manufacturing inaccuracies. 

length: 125 mm

material: plastic

thickness: 0.15mm

inner radius: 3.25 mm

length: 125 mm

material: plastic

thickness: 0.05mm

inner radius: 3.25 mm

length: 143 mm

material: plastic

thickness: 0.10 mm

inner radius: 2.7 mm

length: 143 mm
material: plastic

thickness: 0.10mm

inner radius: 2.7mm

Figure 1 – different straw thicknesses

Figure 2 – different straw lengths

Sample 1

Sample 2

Sample 1

Sample 2
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Figure 5 – broadband absorption

Aiming at the wanted frequency and making the absorption curve as high and wide as possible are 
the two factors that need to be controlled in a design and optimization process of multiple quarter 
wavelength tubes. The targeted frequency is easily controlled by the length of the tube and to a minor 
extent its radius. The peak value and the width of the curve can be controlled by either choosing the 
appropriate radius or the appropriate number of resonators within a given surface area.

Combining tubes with different lengths allows for achieving broadband absorption, as shown in 
Figure 4. The small peak around 550 Hz is an inaccuracy from the sample preparation. The peak of 700
Hz is missing from the sample curve. Possible reasons likely are inaccuracies during the 
manufacturing process.

By increasing the number of tubes tested the absorption performance increases as it is shown in 
Figure 5. The sample contained 12 groups of drinking straws. Every group consists of 7 straws tuned 
in every frequency between the range of 400 Hz- 950 Hz with 50 Hz of interval. This configuration is 
shown only as theoretical result since it wasn’t possible to be measured with accuracy. The sample is 
only shown with the purpose of showing the arrangement of the straws.

length: 143 mm

material: cardboard

thickness: 0.10mm

inner radius: 2.7mm

Length: 143mm

material: plastic

thickness: 0.10mm

inner radius: 2.7mm

lengths: 115, 110, 105, 
100, 95, 90 mm

material: plastic

inner radius: 3.5mm

number of resonators: 6

lengths: 213, 189, 170, 
155, 142, 131, 121, 113, 
106, 100, 94, 89 mm 

material: plastic

inner radius: 3.5mm

number of resonators: 
12groups x 7pca

Figure 3 – different materials

Figure 4 – broad (er) band absorption

Sample 1

Sample 2

Sample

Sample
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2.3 Design guidelines
Based on the measurements’ results it is decided to make a prototype using thin plastic translucent

drinking straws of 7 mm diameter. The choice of radius and material was defined by the availability of 
the material within the time limit. The targeted frequency is defined by the straw’s length and the 
amount of the absorption is defined by the ratio of resonators on a surface and the radius of the straw.

In figure 6 it is shown how the radius influences the performance of a tube with length L=0,138 m,
in a sample with cylindrical surface of a radius r=0,05 m. Figure 7 presents the variation in absorption 
depending on different amount of resonators, all of them with length L=0,138 m, also in a sample with 
cylindrical surface of a radius r=0,05 m. In both cases there is an optimum size of radius/number of 
resonators after which the performance starts to decrease.

Plastic and cardboard behaved similarly; however, plastic is preferred for the prototype since it
offers the translucency effect and can be easily recycled or reused. A rigid design of the straw is 
preferred so as a higher accuracy in the manufacturing procedure can be achieved. 

Regarding the arrangement of the tubes, the design idea is to arrange them in groups of the same 
length. Figures 9, 10, 11 show that the straws with the same length are organized in the same way as the 
samples were tested (Figure 5, 10) but in the final model the scale is bigger (Figure 11). 

Figure 8 – prototype 

Figure 6 – radii variance Figure 7 – number of resonators influence 
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The design proposal has direct connection to the chosen acoustic principle, meaning the use of 
tubes. The quarter-wavelength tubes need to be closed from one side while the half-wavelength tubes 
are open from both sides. This information translated into the manufacturing process means that three 
separate investigations need to take place: the tubes, the way to seal them and the supporting structure. 
The main target is to save material by making a light, self-supported and low-cost product.

As far as the tubes are concerned, they can be easily massively produced with custom dimensions. 
Considering that the design addresses a product, the aesthetic value is important. The product is 
supposed to be used in an interior environment, as a room divider. This means that it needs to provide 
the users with private space as well as to keep the visual contact. For achieving a screening effect 
though the sound insulation of the buildup needs further investigation. Open tubes allow a part of light 
to transfer from one side to the other side of the panel. If a translucent material is also used, this effect 
is stronger. Last but not least, one of the aims for the design is to allow for re-use of the product in a 
different space. For this reason no permanent or chemical adhesive is included in the design process. 
This is important for the design process as the chosen material and the procedure should support the 
necessary tolerance for integrated connections.

3. Design

3.1 Customizability
According to different acoustic needs of each space, it is possible to have different configurations. 

Depending on the location of the panel (whether it behaves as a space divider or is put in front of a 
wall), it is possible to use either the quarter wavelength or half wavelength principle. In practice, the 
difference is that half wavelength tubes are longer but easier to manufacture since they don’t need a 
close end.

Below there are examples of proposals according to the placement of the panel and the acoustic 
performance. The targeted frequencies have a 25 Hz interval, in order to decrease the fluctuations of 
the curves.

Figure 12 shows a combination of units that can be put in front of a wall which has quite a 
broadband absorption in the low to mid frequencies. This means that the maximum thickness of the 
surface is almost 30 cm. Quarter wavelength tubes are used in combination with half wavelength tubes 
in order to create a more interesting visual effect. 

Figure 9 – different straw lengths Figure 10 – sample scale Figure 11 – increased scale

Figure 12 – design proposal 

¼ wavelength tubes, open side

½ wavelength tubes
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The maximum thickness is 24cm and the acoustic principles used are quarter wavelength tubes for 
frequencies 350Hz-650Hz and half wavelength tubes for frequencies 700Hz-850Hz. The combination 
of the two principles gives the advantage of two different visual effects, as the quarter wavelength 
tubes are closed from one side and the half wavelength tubes are open from both sides.

3.2 Assembly
The assembly procedure of the big hexagon of 19 units includes the construction of a frame by 

MDF stripes and metal splits (steps 1-4). As soon as the right shape is made the straws are put in the 
frame, and the basic form of a 19-unit hexagon is created. In this form the panels are transported to the 
space of application, where they can be connected with other hexagons by industrial Velcro tape.

4. CONCLUSIONS
This paper presented a design concept for a sound absorbing unit based on the quarter and half 

wavelength tube principle by using a material that is designed for a different purpose. 
During literature study, absorbers were further researched as an appropriate approach for 

decreasing sound levels in mid-high in open-plan offices. Quarter wavelength and half wave length
tubes were the acoustic principles further developed due to the high absorption values that can be 
achieved, the tuning at specific frequencies, fast and low-cost manufacturing process as well as high 
aesthetical value. In order to define the performance of the drinking straws, the results from two 

Figure 13 – indicative design 

Figure 14 – possible spatial arrangements

½ wavelength tubes
¼ wavelength tubes, open side
¼ wavelength tubes, closed side

Figure 15 – assembly steps 
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different approaches were compared. A theoretical model in Matlab was developed that can predict the 
absorption performance of quarter wavelength tubes. At the same time sets of measurements were 
performed with the impedance tube and then the results are compared to the theory. By conducting 
various measurements it was confirmed that it is possible to make a prediction with a theoretical model
in Matlab for design studies. The different materials tested, like plastic tubes with different thicknesses 
and cardboard, didn’t seem to influence the performance of the tubes, according to the theory.
Combining tubes with different lengths opens up the possibility of creating a broadband absorber. At 
the same time, the amount of tubes used for the same surface can influence the absorption performance 
of the absorber, so according to the frequency range targeted and the desired amount of drinking straws 
it is possible that a different optimized configuration can be created. Absorption values as high as =1
can be achieved by optimizing the ratio between number of resonators and radius of the drinking 
straws. By decreasing also the interval between the targeted frequencies, a more smooth absorption 
curve can be achieved.  

With further research it is possible to facilitate more the assembly procedure by substituting the 
drinking straws with honeycomb plates that probably behave in the same way in terms of acoustics but 
will create blocks that are more robust and easier to stack.
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ABSTRACT 
Buddhism, especially Tibetan Buddhism, has an important influence on Chinese social folk culture. Their 
monasteries are mainly divided into plain monasteries and mountain monasteries according to different 
geographical features, but the type of acoustic landscape is still unknown. In order to explore the acoustic 
landscape of Tibetan Buddhism in the city, mining variety of sound sources, and further exploring the 
influence of Tibetan Buddhist soundscapes on the physical and mental health of believers, this paper takes 
two Tibetan Buddhist monasteries, Wutai mountain in Shanxi Buddha temple and lama temple in Beijing as 
the research objects, making investigation and analysis on the acoustic landscape elements of representatives 
positions, analyzing the field testing data, and the relationships between their typical spatial characteristics 
and the present situation of acoustic environment are discussed, besides, design suggestions are proposed. At 
last, the key nodes are modeled, calculated and simulated, then some conclusions are provided. 
 
Keywords: Tibetan Buddhist temples in Han Region, acoustic landscape, simulation calculation 

1. INTRODUCTION 
Tibetan Buddhism belongs to ahayana Buddhism. Tibetan Buddhism requires practitioners to 

seriously emphasize discipline and cultivation in practice, emphasizing both teaching and practice, 
influencing and changing China's social and cultural traditions ( ). The research work of acoustic 
landscape has been carried out in Buddhist temples and some achievements have been made ( ~ ). 
Currently, scholar Xie H is exploring the mechanism of acoustic landscape in the treatment of patients 
with depression( ), whereas, the domestic research on the acoustic landscape of mountainous Tibetan 
Buddhist temples as well as the internal and external acoustic landscape on the physical and mental 
health of believers are still blank. The particularity and multidimensionality of the space of mountain 
Buddhist temple make it different from the acoustic environment of plain Buddhist temple and shows 
its own uniqueness. In order to open up new perspectives for theory research and design applications, 
this paper puts forward contrast of SPL values of the both field measurements and research thought 
of Cadnaa simulation, aiming to dig the rich soundscape existing in Tibetan Buddhist temples of Han 
nationality, further explore the multi-types of sound sources in the city, simultaneously explore the 
influence mechanism in Tibetan Buddhist monasteries soundscapes towards mental health of visitors. 

2. RESEARCH METHODS 

2.1 Object Selection and Acoustic Landscape Survey  
Two Tibetan Buddhist temples, 16 spatial measuring points in the Bodhisattva Roof temple group 

of mount Wutai in Shanxi province and 12 nodes in the Yonghegong in Beijing were selected as 
measuring points. The plane distribution of each measuring point are shown in Figure 1. Through 
sound pressure level measurement, the test data of temple groups with similar architectural form and 
function, but different gradient heights, different spatial scales were analyzed. The types of sound 
sources in specific environments were also analyzed. Both of them belong to the nature of Tibetan 

                                                        
1 525831368@QQ.com 
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Buddhism, however, the difference in spatial form, topographic height and activity type of pilgrims 
between the two temples of Bodhisattva Roof and Yonghegong make them have very distinctive 
characteristics of sound landscapes. The symbolic spatial nodes of Imperial Carriage Path way, 
Mountain Gate and Memorial Archway were selected to establish the models, and the noise simulation 
software Cadnaa was used to simulate the sound pressure levels of them. Then, the conclusions were 
given through analysis. 

 
 

 
 
 

P01: East gate of Bodhisattva Roof backyard;P02: East gate in front of the wall;P03: Steps outside 
the courtyard of the large pot;P04: In the large pot yard;P05: Inside the big pot courtyard;P06: Inside 
the courtyard of the large pot;P07: Inside the two doors of the great Manjusri Hall;P08: Entrance of 
the great Manjusri Hall;P09: Inside the great Manjusri Hall;P10: Archway of great Manjusri 
temple;P11: Inside the grand Buddhist temple;P12: Inside the Hall of the giant Buddha;P13: Inside 
the temple of heavenly king;P14: Under the archway outside the mountain gate;P15:108 Steps 
top;P16: At the foot of 108 steps. 

P01: Yonghegong Street;P02: East Andingmen Street;P03: West gate archway facing the street;P04: 
East gate tourist ticket office;P05: South gate;P06: Albion road;P07: Drum Tower;P08: Yonghegong 
gateP09: Lama Temple;P10: Yongyou Hall;P11: Falun Hall;P12: Suicheng Hall (Hall with white 
canopy). 
2.1.1 Bodhisattva Roof  

Wutai Mountain have diverse topographical gradients, vertical topography changes, and rich 
elevation difference. The temples there own unique characteristics of the mountain complex. The 
Bodhisattva sits on the dragon head in the middle of mount Wutai." Any building can fully show its 
value and expressiveness only when it integrates with the environment and becomes an organic whole 
together with the surrounding.(7)’’ The group arrangement of the temple on the mountain conforms 
to the nature and promotes the nature, and respects the original appearance of the site in a higher 
significance. According to geomantic thought of "8 doors set 9 stars", its architectural pattern means 
to set a door respectively in 8 directions, from south to north 9 courtyards are laid out. Eight front 
yards are on central, west, east three axises, followed by the Copper Pot backyard. Underlying 
landscape characteristics explain spatial variation of urban soundscape patterns (8,9). The layout of 
Bodhisattva Roof is shown in Figure 2. 

 
 
 
 
 
 

Figure 1 -- Plane distribution of each measuring point of the Bodhisattva Roof Temple on 

Mount Wutai left  and in Yonghegong Hall right  
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Figure 2--Architectural layout of the Bodhisattva Roof Temple (This map originally from 

document) 
Pilgrims take a bus along the mountain road to the northeast gate, then enter the Bodhisattva Roof, 

firstly visit the backyard, then enter the main building of the front yard, and finally walk to the south 
gate. In the incense route, the sounds of conversation, the guide's loudspeaker horn, and the excited 
shouts can be heard continuously. Because of the inversion of the tour route, t he pilgrims have an 
inverted experience of the spatial sequence of the temple. They first perceive the "climax" of the 
architectural courtyard, and then gradually march towards the Mountain gate and the Alley Steps.  
2.1.2 Lama Temple 

Located in the northeast corner of Beijing city, known as latent elysian fields, the temple is a place 
with gentle terrain. Its layout appears in three rectangular buildings in the north facing south, and the 
layout of the central axis courtyard shows seven steps in one road(10), gradually shrinks from the 
south to the north, while the temple buildings gradually rise, forming a structure of main tall halls and 
deep multiple courtyards(11).  

Pilgrims walk along the middle road towards the north, through doors, halls into next courtyard 
and hall. There are mainly the sound of conversation, footsteps, the occasional pram wheel, incense 
kneel, stand up when the clothes friction sound and other sound sources.  

3. ANALYSIS OF ACOUSTIC LANDSCAPE SURVEY RESULTS 

3.1 Analysis of the Relationship between the Architecture Spatial haracteristics of 
Yonghegong and the coustic Landscape.  

The shape of Leq trendency line belonging to the Drum Tower is similar with that of the West 
Second Gate Archway of Yonghegong, which partly result from that both of them adjoin Yonghegong 
street on the west side. In addition, there are standing buildings at two locations, which is related to 
the “up” in the rhythm of "up, continuing, converting, together" in the overall layout of the facade. In  
the rear of several main palaces, cumulative SPL values at Yongyou Hall and Falun Hall are similar, 
and quiet degrees are on the same level; In general, the decibel number of Yonghegong is slightly 
higher than that of Falun Hall by 3-5dBA. Except at the low frequency of 31.5Hz, the decibel number 
of Falun Hall is about 7.5dBA higher than that of Yonghegong Hall. However, the sound pressure 
level in Suicheng Hall (White Umbrella Hall) in the northernmost part is the highest, which is directly 
related to that this place is the end point of the complex and is the concentration of visitors resting 
and staying. 

According to the analysis in Figure 3, the Yonghegong is dominated by low and medium frequency 
sounds. At the frequency of 63Hz, locations of P01, P03, P07 and P09, especially at the entrance and 
exit of P03 Archway, the low-frequency sound interference of people and traffic flow is strong 
(Leq≈83dBA).However, most visitors in P10 Yongyou Hall keep quiet, and there is a significant fall 
(Leq≈58dBA) at this frequency. In addition, at the place of Albireo road and Yonghe gate Hall, because 
of the coming of a small climax of the museum complex, the mood of expectation of the visitors is 
rising, the conversation are endless, and the trend line of the SPL value of 500Hz shows an obvious 
upward convex trend. Especially in Albireo, the sound pressure level values of 500Hz and 1kHz 
frequencies are larger in the entire spectrum (up to 55dB), but at the same time, compared with other 
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locations, the overall Leq value is still lower, and the environment is still relatively quiet. 

 
Figure 3-- SPL value distribution diagram of 1/3 octave measured in Yonghegong 

The frequency distribution of SPL value spectrum at each frequency is larger than that at other 
measurement points, such as frequent visitors and vehicles, footsteps, tire grinding, talking, and 
occasional metal collision of personal belongings at P03.The low-frequency sound is higher, and the 
high-frequency sound is lower , at 31.5Hz(Leq≈73.5dBA),4kHz(Leq≈48.5dBA),8kHz (Leq≈45dBA). 
Generally speaking, low-frequency and medium-frequency sound is the main sound, and high-
frequency sound is the auxiliary sound. Human voice is the main sound source, simultaneously 
mechanical sound and sound energy is very weak.  

3.2 Comparison of Spatial Characteristics, Order and Related Acoustic Landscape 
Between the Two Places 

According to the visiting order of the site, the author measured Lmax, Lmin, equivalent sound 
pressure level (Leq), statistical sound pressure level (L10, L50, L90) and standard deviation (SD) at 
various measuring sites. 

As shown in Figure 4, except for SD value, P03 in the Bodhisattva Top Temple Group has a small 
space and a high visitor density. Besides, it is noisy and noisy to talk, and the sound of the guide's 
loudspeaker trumpet is high. Leq is the largest, and P10 is the second. Location P13 has the smallest 
sound index and is the quietest place in the temple, especially L90 (43dBA) and Lmin(40dBA), which 
are the smallest in all measurement points.P14 has individual tourists occasionally voice, the overall 
quiet, sound indicators in the lower middle level. At the location P06, the background noise is low, 
L90 and Lmin values are low, while visitors' voices are rising one after another, and other indicators 
are on the high level in the middle. The trend lines of L90 and Lmin are in good agreement, and the 
background noise rule of temple measurement sequence line is basically high and low interval. 
Location P05 and P10 are Lamas ' living areas, which are intermixed with the Hall, so the background 
noise is the highest, and the L90 reaches about 57.5dBA.  

Inside the Big Pot courtyard and the Grand Manjusri Hall, the inner courtyard space itself is 
relatively narrow. Double Tables, Memorial Archway, Incense Burner, The Clock and other contents 
are set up, and then the flow of people is concentrated, which are the two main core scenic spots of 
the temple, reaching two small climax. The Buddha statue enshrined in the temple of Heavenly King 
is dignified, and the visitors' mood are dignified and their voice are weak. This is the quietest place 
in the temple. 
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Figure 4--SPL value distribution line of each measurement site inside the bodhisattva roof left and in 

Yonghe temple right  

3.3 Discussion on the Application of Design Improvement 
Inside the top of the Bodhisattva, Lamas and monks in the temple are all living in halls courtyards 

due to the demolition of living areas in the temple. Functions such as accommodation, dining and 
lecturing should be divided separately, with deputy abbot's courtyard, abbot's courtyard and monk's 
house. Each courtyard includes Sutra Hall, lecture Hall and residence, and the sound will not interfere 
with each other. Xinglong courtyard and Bridal chamber courtyard are the courtyard where the abbot 
can preach or live, and the 18th floor courtyard is the courtyard where the monks chant scriptures. 
The single-function longevity courtyard is designed for worshippers, while the fenced courtyard is 
designed for catering, so as to avoid disturbing the monks.  

Noise reduction pavement should be installed on the ground adjacent to the Yonghegong rchway 
to reduce the low frequency sound.  

4. ESTABLISHMENT OF KEY NODES MODELS (12) FOR CADNAA ACOUSTIC 
SIMULATION ANALYSIS 

4.1  Key Points of Modeling 
1 The Lama temple trees shelter over the stack processing method is, because sound travels up is 

more difficult, and vocals point set at 1.6 m height from the ground, about 7 ~ 8 m from the crown of 
a tree, so the canopy omitted, only keep the trunk, and visitors have marched into and out of the two 
sequences, so the human voice to face north or south two direction is given priority to, the rest is 
complementary, so the sound source directivity unified simplified as open or no directivity, as far as 
possible to the actual situation. The reflection coefficient was set 0.3. 

2 Due to the severe corrosion of the aged wood structure and the frequent contact with the outside 
air near the step foundation, the memorial archway on the top of the Bodhisattva top step can no 
longer support its own structure independently. In addition, there are 15 inclined columns supporting 
it to make it stable. The model is simplified as 15 vertical columns.  

3 The sound source of the visitors was simulated with each individual point sound source, and the 
operating time was similar to the time when the sound of the visitors (voice, conversation, individual 
footsteps, etc.) was emitted, finally achieving the smooth progress of the simulation process and 
obtaining various preset results. On the 108 steps of the Bodhisattva top, visitors and ticket sales staff 
are set as the point audio source, with 30 point audio sources and one point for each of the three 
positions. Visitors and ticket sales staff in Imperial Carriage Pathway of Yonghegong are set as point 
audio sources, 39 point audio sources and 3 points of reception are set, and the parameters of building 
evaluation are set. Attached tables are omitted here. 

4 The human voice characteristics of high frequency sound (6000Hz ~ 8000Hz) in a single 
frequency band are usually one sentence or a limited number of sentences, which are set within the 
instantaneous interval of 1min and about 10s ~ 15s.For middle frequency sounds (2000Hz), the 
sounding time is set to 30s ~ 40s.The 50s ~ 65s, which are characterized by spectral sounds, usually 
occur in the form of phone calls, conversations.  

Figure 5  Figure 6 show the perspective models of the Bodhisattva's 108 steps and the 
Yonghegong Imperial Carriage Pathway in Beijing and the final evolution model.  
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Figure 5--The final models of the 108 steps of the Bodhisattva Roof’s Imperial Carriage Pathway node 

established by Sketchup and CAD 

              

Figure 6-- The final models of Yonghegong Imperial Carriage Pathway node established by Sketchup and 

CAD 

4.2 Analysis of Simulation Results 
The plane shapes of both are very similar. The narrow and long corridor has archways or gate at 

the beginning and end as the symbolic node of the tour line, and the steps and the passage are both 
courtyards and green plants. Yonghe Hall Imperial Carriage Pathway is located in the flat terrain, and 
the sound source from the point is 1/10 of the total number of worshippers and visitors. The sound 
from the point source is very isolated, and there is no continuous sound field of equal sound pressure 
level, which can also be seen in Figure 7 (right).On the contrary, on the top step of mount Wutai 
Bodhisattva, the sound field is able to present a continuous pattern of vocal cords, as shown in Figure 
8(right).On the average sound pressure series, the latter is also about 15dB higher than the former. In 
topography with elevation difference, the sound line will be refracted repeatedly, which will shorten 
the rate of sound energy attenuation and greatly improve the sound energy. This is also consistent with 
the conclusion that sound travels more easily in a vertical direction (13). The sound sources with the 
same frequency and sound power show significant difference in the sound field performance in the 
environment with similar plane layout and shape of buildings in mountain and flat land.  
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Figure 7--The model established by Cadnaa (left) and SPL distribution of Yonghegong Imperial 

Carriage Pathway(right) simulated and calculated by Cadnaa  
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Figure 8-- SPL distribution diagram of the absolute height of sound receiving points 1.6m(at the 

bottom of the step)(left ,8.5m(in the middle of steps)(middle)and 15.17m(in the top of 

steps)(right)respectively obtained by Cadnaa simulation

In addition, courtyard alley scale analysis. Yonghegong aisle width reach 23 meters, the height of 
the wall is 4.5 meters (Figure 8 left), channel 5 meters wide, 108 steps, wall is composed of 
semicircular low enclosure (Figure 8 middle), the bushes on both sides of the Lama temple of green 
belt and covered corridor tree-lined belt (Figure 8 right) also absorbed most of the sound energy, so 
the original weak acoustic field sound energy is more lower. 

   
Figure 9--Perspective (left) and photograph (middle) of Imperial Carriage Pathway model of 

Yonghegong, photo (right) of the protective wall on both sides of 108 steps of Bodhisattva Roof 

5. CONCLUSIONS 
1. The transitional space is often the temple in the low-frequency sound prominent position, but the 

overall sound field sound energy is not large, and is quite quiet. 
2. On the 108 steps of the Bodhisattva's top, the long rising time is usually in the middle part of the 

low wall on both sides of the steps, which is generated by the dialogue of visitors or the explanation 
of the guide, etc., while at the beginning and end of the steps, most of the short or high frequency 
sounds are caused by the exclamations of worshippers or visitors or by the individual voices. In the 
Yonghegong Hall, there are two times more visitors compared with the 108 steps of the top of the 
Bodhisattva, and the categories of sound sources and their characteristics are roughly the same. 
However, due to the different geographical areas, the tourists' performance and the characteristics of 
the sound field are quite different (14). This phenomenon may also be related to the administrative 
level of the scenic spot. 

3. To the person as a point source sound energy diffusion degree is very small, only about plane 
radius affected the scope of 1 m, other than 1 meter distance can't form a continuous sound pressure 
level of noise source, even if the occasional individual high frequency (6000 Hz) voice, short duration 
(usually around 0.3s), not to sound field have a significant influence on change. Therefore, visitors 
generally think that the alley is very quiet. From the measured SPL value, the simulated situation is 
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also consistent with it. 
4. The future papers will further explore the acoustic influential mechanism towards deep “mental 

space” (15) and scenery of Tibetan Buddhist temples on visitors' mental health (16). 
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Abstract
In certain practical situations one faces the problem of choosing the most suitable approach to analyze the
sound field in a room. For acoustically small rooms, a modal approach is of higher importance, as opposed
to acoustically large rooms, when statistical considerations provide more useful models. In the context of
reverberation rooms, an important issue to be dealt with relates to the diffusion of the sound field. Although the
evaluation of how close the field is from being diffuse is under discussion, it seems to be accepted that such a
condition isn’t reached under a crossover frequency, also referred to as the "Schroeder Frequency". This paper
presents the investigation of procedures based on statistical features of rooms’ Transfer Functions aiming the
experimental determination of such a frequency. Real and imaginary parts of transfer functions are analyzed
with Kurtosis, while the phase is analyzed with a proposed measure. Results from measurements performed in a
large (108.5 cubic meter) and in a scaled (1.48 cubic meter) reverberation rooms are presented, as well as results
from analytical solution from three shoebox rooms with the same volume, but different symmetry degree. Both
measures presented comparable results, showing possible, and potentially more precise practical approaches.
Keywords: Crossover frequency, Schroeder frequency

1 INTRODUCTION
When using geometrical acoustics algorithms, one needs an estimation of the frequency above which such
an approximation for studying the sound field is valid. In other cases, when designing a reverberation room
for instance, it is important to guarantee enough modal overlap in order to provide an acceptable degree of
homogeneity to the sound field, or supposedly to fulfill a necessary condition for the sound field to be diffuse.
In such situations, Schroeder’s equation may be used in order to estimate such a frequency. For deriving this
equation, an important amount of research was accomplished since the early 1950’s, as reported in papers by
Schroeder (1,2), Kuttruff, Thiele (3), among other important members of the acoustical researchers’ community.
The equation was derived based on the analytical solution of the wave equation for shoebox rooms, and further
adjusted after measurements and analysis of rooms with generic geometry. As found in most of the text books,
this is

fSchroeder = 2000

√
T
V
, (1)

where T is the reverberation time in s, and V is the room’s volume in m3.
For many, however, there are some doubts of how to use this equation when the reverberation time varies
as a function of the frequency. And, although it is known that room’s geometry has an influence which is
considerably smaller than the influence from volume and reverberation time, to which extent it is valid not to
consider that?
In some situations, as during the design of a reverberation chamber for measuring sound insulation, for example,
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ISO 10140 (5) suggests that the natural frequencies of the room should be as evenly separated as possible. The
main reason is supposedly to provide a more homogeneous, and isotropic sound field. This has a relation
with the crossover frequency, and it would be very useful to develop measures that, besides reverberation time
and volume, were also able to indicate the influence of room’s geometry in this respect. In fact, there is an
approach which is based on the analysis of the standard deviation of the sound pressure level, and to the sound
level decay over the space. The present work proposes also the use of statistical features as a way of verifying
the crossover frequency. In this case, however, the distribution of values of a single transfer function is used.
Average over space is taken in order to provide more clear results.
Based on stochastic models of a room transfer function as described by Schroeder and Kuttruff (5), and by
Polack (6), it is assumed that, above the crossover frequency, the probability distribution functions of real and
imaginary parts are normal. Therefore, Kurtosis is used as an indicator.
As a consequence of the normally distributed values of real and imaginary parts of a transfer function, the value
distribution of magnitude is given by a Rayleigh function, while phase values follow an uniform distribution.
Because of that, a simple measure is presented for the analysis of the phase signal.
There may be a relation between crossover frequency and diffuse sound field, in relation to isotropy, in the
sense that the former is necessary (not sufficient) condition to be transposed for the latter to be feasible. The
same is true also in the time domain, above a critical time, according to Jot, Cerveau and Warusfel (7) , and
DeFrance and Polack (8). However, as pointed out by Jeong (9), such a relation is still not clear, and although
not focused in the present work, should be kept in the background.

2 METHODS
A room’s transfer function may be described in cartesian or polar coordinates, as follows:

H( f ) = X( f )+ iY ( f ) = R( f )eiφ( f ), (2)

where X represents the real part, Y represents the imaginary part, R is the magnitude, and φ represents the
phase. It may be shown, for instance as given by Papoulis (10), that if X and Y are considered random variables
with a probability which follows a normal function, the probability density function of R will be given by a
Rayleigh function, and the probability of φ will be given according to an uniform function. These relations,
and the conclusions from the authors cited previously, serve as basis of the measures described in this section.

2.1 Kurtosis
Kurtosis is a statistical moment of forth order, and related to the peakedness or tailedness of a population
distribution. It has been used as an indicator of the normality of a distribution in several situations for a long
time, such as the integrity of roller bearings. More recently, Jeong (11) found a correlation between the degree
of diffusion of a sound field, and Kurtosis of an initial portion of a room’s impulse response.
It is given by, in the normalized version:

K =
E(p−µp)

4

σ4
p

−3, (3)

where p, in the present case, is the real X( f ) or imaginary Y ( f ) part of a room transfer function at a given
frequency, µp is the mean value within a frequency window, and σp is the standard deviation of values in
the same frequency window. When Kurtosis approaches 0, the population under analysis is likely to present a
normal distribution.
A similar procedure as the one described by Jeong (11) was adopted initially for the present work, except for the
frequency filtering, and the fact that it is applied in the frequency domain. Such a procedure consists of taking
a population of 800 points from the real part of a room’s transfer function, and computing the Kurtosis. This
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Figure 1. Room’s transfer function within a 50 Hz window, at low (bottom), and high (top) frequencies. From
measurements in a 108.5m3 reverberant room.

is performed for a sliding window and the values are plotted against frequency. An average curve is generated
from a collection of room transfer functions obtained for different source-receiver combinations. The frequency
above which Kurtosis values are smaller than 2 is kept as a possible value for the crossover frequency.
The analysis is repeated for the imaginary part, and the possible values for the crossover frequency are com-
pared. The larger of them is considered as the final result for the crossover frequency. For the sake of better
visualizing the result, the population size is reduced in some cases, after checking if this does not compromise
the analysis.

2.2 Phase analysis though the maximum difference from an ideal uniform distribution, observed in histograms
Because above the crossover frequency phase values assume a distribution given by a very simple function, a
measure has been developed as described in the following.
At first, as many of the readers have already observed, the phase of a room’s transfer function at very low and
very high frequencies is similar to those shown in Figure 1.
A histogram may be built from segments (bands) as those shown in Figure 1. One has to define the histogram
resolution, and normalize the population counting, expressing it in percentage. Exemplary histograms for low
and high frequencies, for an angle resolution of 20 degrees are shown in Figure 2.
The red line indicates the percentage of points if the distribution was perfectly uniform. The proposed measure
is the maximum difference found in each frequency band under analysis to the reference value of a perfect
uniform distribution. Note that this value is related to the angle resolution.
Such a measure is further referenced to as the "maximum deviation from the uniform distribution". A histogram
resolution which was found to be adequate is actually of 18 degrees, which leads to the situation that 5% of the
population should fall in each angle interval. The analyses presented in this work were performed in frequency
bands of the same (constant) length, equal to those used for computing Kurtosis, and also through a sliding
window. A frequency-dependent curve with values of the maximum deviation from the uniform distribution is
generated and an spatial average computed, just as described in the procedure based on the Kurtosis.
As frequency increases, the curve tends to fluctuate around a minimum value. The frequency above which the
fluctuation is considered to be small is is declared to be the crossover frequency.
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Figure 2. Histograms from analysis of room’s transfer function phase at low (bottom), and high (top) frequen-
cies. The red lines indicate the population counting in the case of a perfect uniform distribution. The proposed
measure is indicated in the graphic displayed at the bottom.

3 ROOMS
The procedures described in the previous section were applied to measured signals and signals generated by an
algorithm based on the analytical solution of sound propagation problem in a shoebox room. The real and the
hypothetic rooms are described in this section.

3.1 Measured rooms
One of the rooms tested was a reverberation room constructed in reduced scale with the goal of being used for
scattering coefficient measurements. Its volume is 1.48 m3, and two pairs of walls are non-parallel. This scale-
model room is equipped with a semi-automated mechanism that moves the microphone and the sound source.
The sound source is a cubic structure with a loudspeaker mounted on each side, and was driven by a power
amplifier with a flat frequency response. Measurements were performed for three source, and four microphone
positions. Two situations were set-up: the empty room, and the room with an absorbent foam covering almost
the total area of the floor.
In all measurements, a 1/2 inch measurement microphone was used, along with a sound card (RME Multiface
II) set to a sample frequency of 48kHz. The ITA-Toolbox, which runs on Matlab, was used for measuring
through a deconvolution technique with sine sweeps as excitation signal. A dodecahedron loudspeaker system
was used in measurements performed in the real scale room.
A set of rooms built to perform sound insulation measurements were also used. Measurements were performed
at first with no closing between them, such as to compose a room with total volume of 108.5 m3. In this case,
only one source position was used, and the microphone was placed in twenty different positions.

3.2 Hypothetical rooms
A computer routine based on the Green’s function of rectangular rooms (normal mode model), as presented in
(12), was used for computing transfer functions of three hypothetical rooms with same volume, and different
symmetry degrees. A cubic room with all dimensions set to be 5 m, a room with dimensions 10 vs. 5 vs. 2.5
m3, and a room with dimensions 7.974 vs. 5.819 vs. 2.694 m3 were idealized. The latter one is supposed to
have optimal dimensional relations, such as to provide an uniform distribution of natural frequencies, based on
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Figure 3. Average Kurtosis of real and imaginary parts from 15 transfer functions measured in the larger
(108.5m3) room.

(13), and is for now on be denominated "optimal room". These rooms have the same volume (125 m3), and
were initially set to present a reverberation time of 10 s, such that the Schroeder frequency is easily computed,
and results to be 566 Hz.
The reverberation time of the optimal room was varied from 10 to 5, 2, and 0.2 s, in order to observe the
variation on the measures proposed in this work.
One source position and fifteen receiver positions were used in order to obtain the transfer functions for each
room. Care was taken to compute a number of modes used as basis for obtaining reliable transfer functions up
to the maximum frequency of analysis. Receiver positions were also set to be at a minimum of 0.8 m from each
other, and from any surface. The critical distance was also observed for setting the source-receiver distance.

4 RESULTS
4.1 From measured rooms
Kurtosis analysis of the larger (108.5m3) room is shown in Figure 3. Kurtosis of real and imaginary parts,
spatially averaged, are shown simultaneously. From such a plot, the resulting crossover frequency is 504 Hz.
The Schroeder frequency estimated from measured reverberation times, and the room’s volume, lies within the
1/3 octave band with central frequency in 400 Hz.
The curve generated by the maximum deviation from uniform distribution is displayed in Figure 4, and the
crossover frequency according to this measure is approximately 275 Hz.
Kurtosis analysis from transfer functions measured in the scale-model reverberation room resulted in a crossover
frequency of 1520 Hz, when the room is empty, and 720 Hz, when the floor is covered with an absorptive foam.
The Schroeder frequencies estimated from measured reverberation times lie in the 1/3 octave frequency bands
with central frequency in 1600 Hz, and 1000 Hz, respectively, for the different absorption conditions.
The analysis from the maximum deviation from the uniform distribution led to crossover frequencies of ap-
proximately 1250 Hz, when the scaled reverberant chamber is empty, and of 590 Hz, when the absorbent foam
covers the floor. Figure 5 presents the curves related to this measure for both situations. As one may observe,
when absorption is introduced, the minimum value for this measure tends to increase.

4533



0 200 400 600 800 1000
0.0

0.1

0.2

0.3

0.4

0.5

0.6

Frequency [Hz]

M
ax
.D
ev
.U
ni
fo
rm
D
is
tr
ib
ut
io
n

Figure 4. Maximum deviation from uniform distribution averaged from 15 transfer functions measured in the
larger (108.5m3) room.
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Figure 5. Maximum deviation from uniform distribution averaged from 12 transfer functions measured in the
scale model of a reverberation room (1.48m3), with (continuous line), and without absorptive foam (dotted line).
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Figure 7. Kurtosis averaged from 15 transfer functions for the optimal room, with different reverberation times.

4.2 From normal mode model
The maximum deviation from the uniform distribution as a function of frequency, for the rooms previously
described, with a reverberation time of 10 seconds, is shown in Figure 6. The curve for each room is an
average from 15 processed transfer functions.
In order to illustrate the effect of absorption on the measures, frequency-dependent curves obtained for the Kur-
tosis analysis are presented in Figure 7. While the curve for the optimal room with 0.2 seconds of reverberation
time stays always below the reference value of 2, the "background noise" value observed in the phase analysis
increases substantially. Im both cases it was not possible to assess a crossover frequency value.
The crossover frequencies obtained through the Kurtosis, and phase (in parenthesis) analyses, for the rooms
with different geometries were: 1580 Hz (1600 Hz), for the cubic room, 1070 Hz (1200 Hz), and 670 Hz (750
Hz) for the optimal room. These values may be compared to the 566 Hz for the Schroeder frequency. For the
optimal room, with reverberation time set to 5, and 2 seconds, the results were: 635 Hz (700 Hz), and 450 Hz
(600 Hz), respectively.
As observed, Kurtosis presented results for the crossover frequency larger than the phase analysis for the exper-
imental investigations, while the contrary was observed for the cases generated through analytical responses.
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5 CONCLUSIONS
The measures proposed in this work provided coherent results to what would be expected in relation to natural
frequency spacing, and modal overlap in rooms’ transfer functions. At first, results for the crossover frequency
from measurements performed in two rooms with very different volumes and geometry were obtained, and are
in the same range as estimated through Schroeder’s equation. Results from transfer functions obtained through
a normal mode model for rooms with same volume and reverberation time show that the measures are capable
of capturing effects attributed to the symmetry degree of their geometry. The measures provide different results,
and while the one based on Kurtosis analysis may be regarded as the most complete one, a further investigation
and discussion about the one based on the phase analysis seems to be worth of being accomplished. Results
from que measurements performed in the room with and without absorptive material may be regarded as an
example of how the effect of lowering the crossover frequency is not necessarily correlated to an increase of
isotropy (diffusion) of the sound field.
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ABSTRACT 
In order to accommodate both young talkative children and people who want a quiet library environment, we 
investigated the effects of the reverberation of children’s voices on the working memory function of those 
around them. While modern libraries often hold noisy activities, unlike traditional silent libraries, their 
architecture has also become more open and reverberant. In this study, we tested the working memory 
functions of healthy participants under four sound conditions: (1) children’s conversational voices without 
reverberation, (2) children’s voices with reverberations from a traditional library environment (short and 
muted reverberation), (3) children’s voices with reverberations from a modern library (long and echoic 
reverberation), and (4) silence as a control condition. Working memory capacity was measured by Operation 
Span Task (OST) and compared across the four sound conditions. Twenty university students participated in 
the experiment. As a result, OTC (i.e., Ospan total correct, the score of OST) was found to be best in silent 
conditions, followed by modern library conditions, traditional library conditions, and finally non-reverberant 
conditions. In addition, OTC was improved in conditions where participants felt comfortable. This suggests 
that choosing a learning space of our own preference can result in a learning space that provides good working 
efficiency for each individual user. 
 
Keywords: Sound, Working Memory Capacity, Room Acoustics, Sound Environment, Library 

1. INTRODUCTION 
 
Although quiet sound environments have been idealized as a learning space, modern libraries 

include active, social, and interactive learning for people of all ages. While libraries today include 
noisy learning activities, the architecture of libraries also became more open and reverberant, reducing 
traditional quiet spaces. Active learning spaces in modern libraries ideally have a comfortable murmur 
of visitor’s speaking voices (i.e., the mixture of the conversational sounds and the reverberations) that 
accommodates the effective functioning of working memory. In this study, we investigated the effect 
of children’s conversation sounds under reverberation on working memory, as well as the impression 
of the reverberated conversational sounds. 

Traditionally, ideal learning spaces were quiet. Both classrooms and libraries were expected to be 
silent. Quiet spaces improves working memory (1,2), and in Denmark, for example, the recommended 
reverberation time in school classroom is as short as 0.6 seconds (3). However, when the type of 
intellectual activity changes, a noisy environment may be more suitable than a quiet environment. In 
contrast to the research on school classrooms, some studies have shown that a lively sound 
environment, like a café, is richer in creativity (4). Perhaps this is why many people enjoy working 
on a laptop in a café.  

Today, intellectual activity and learning are expected to be more creative than mere memorization. 
Figure 1 shows three levels of intellectual activities: (1) information processing, (2) knowledge 
processing, and (3) knowledge creation. The old style of learning was primarily composed of 
information processing and knowledge processing, but current learning trends involve knowledge  
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Figure 1 – The relationship between the hierarchical model of  

intellectual activity and architectural space (Adapted from (5)) 
 
creation. This change in learning styles calls for a change in acoustical environments and architectural 
styles in learning spaces. Quiet and focused learning spaces with a short reverberation time were 
considered to be optimal for traditional learning. However, if you want to actively exchange ideas and 
learn creatively, comfortable background noise may be better for encouraging oral communications. 

Many modern libraries aim to provide a comfortable space that includes all three levels of 
intellectual activity. Increasing the value of ‘library as a place’, and making the library a place where 
various intellectual activities can be performed is a new role for modern libraries (6).  

As the purpose and design of libraries changed, new issues arose. In our pilot study, librarians 
often mentioned that they receive complaints about conversational voices in the children’s area or the 
learning commons. We regarded these noise complaints as an indicator that noise from knowledge 
creation tasks may disturb the working memory that is required for information and knowledge 
processing tasks.  

Information and knowledge processing are constructed upon working memory. Working memory, 
including short-term memory, often functions in auditory format in our mind (7). External noise 
conflicts with the auditory information in our mind, and disturbs the functions of working memory. 
In this way, information and knowledge processing tasks are easily disturbed by speech sounds.  

Short-term memory is more disturbed by intelligible speech sounds than by meaningless white 
noise (1). If we use room reverberation to transform an intelligible speech sound into ambiguous 
speech noise that is less intelligible, the transformed speech noise can better facilitate information and 
knowledge processing than the original intelligible speech sounds. If we can find an adequate degree 
of ambiguity for speech noise transformation to facilitate information and knowledge processing, then 
we can find common ground to accommodate all three levels of intellectual activity.  

2. PURPOSE 
In this study, we tested working memory under four sound conditions: (1) direct (children’s direct 

voices without reverberation), (2) traditional (children’s voices with reverberation of a traditional 
library), (3) modern (children’s voices with reverberation of a modern library) and (4) silence (control 
condition). The hypothesis underlying this experiment is that conversational speech can be 
transformed to a comfortable murmur by applying an appropriate reverberation; allowing working 
memory to function more easily. Reverberation time is closely related to speech intelligibility, 
background noise, and the impression of the space. Finding an appropriate reverberation time that 
does not spoil the function of working memory can lead to the development of guidelines for acoustic 
design in libraries. In this study, we targeted children's conversational sounds that were most 
frequently complained by library visitors. 

3. PREPARATION OF STIMULI 
The stimuli for this experiment were prepared according to the following procedures: (1) Measure 

impulse responses in traditional and modern libraries, (2) record several children’s conversational 
sounds, and (3) convolve the conversational sounds with impulse responses. 
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3.1 Impulse response measurement 
Impulse responses were measured at two libraries: one traditional university library (University of 

Tsukuba, Kasuga Library), and another modern public library (Yachiyo City Central Library).

 
 

Figure 2 – University of Tsukuba, Kasuga 
Library (traditional) 

                                       

Figure 3 – Yachiyo City Central Library 
(modern) 

Kasuga Library is a traditional university library, holding many books in a quiet sound environment 
(Figure 2). We measured the impulse response in the quiet study area on the second floor where 
bookshelf is dense. The floor area is about 467 m2 (5026.75 ft2), the height to the ceiling is about 2.7 
m (8.86 ft.), and the average reverberation time is 0.3 seconds. 

Yachiyo City Central Library is a modern public library opened in 2015 in Yachiyo City, Chiba 
Prefecture (Figure 3). Yachiyo Library has an open design on one spacious floor. The innermost area 
is the quiet reading area, the middle area is the browsing area, and the outermost area is the children’s 
corner and reference. The floor area is about 1550 m2 (16684 ft2), the varied ceiling height ranges 
from 2.9 to -9.0 m (9.5-29.5 ft.), and the average reverberation time is 1.0 seconds. 

The following equipment was used for impulse response measurement: An SPL meter with 
recording function (Ono Sokki LA-3260), an omnidirectional speaker (solid acoustics sa-755 
professional), an amplifier (YAMAHA P4050), a laptop (Macbook Pro 13-inch 2012), a soundcard 
(RME Babyface), and a laser distance meter (BOSCH GLM7000). The measurement was approved at 
the library staff meetings at each library.  

Table 1 shows the distance from the sound sources, reverberation time, and definition of the 
impulse responses we identified. Definition (i.e., degree of speech intelligibility) is calculated as 
follows, where p(t) is sound pressure (Pa) in time. 

𝐷𝑒𝑓𝑖𝑛𝑖𝑡𝑖𝑜𝑛 =
∫ *𝑝(𝑡)./𝑑𝑡1234
2

∫ *𝑝(𝑡)./𝑑𝑡5
2

× 100(%) (1) 

The reverberation time for Yachiyo Library is longer, and the definition is larger for the Kasuga 
Library. In short, the Yachiyo Library has a long and echoic reverberation and the Kasuga Library has 
short and muted reverberation. We controlled the distances from the sound source to the sound 
receiving point to be as similar as possible, for these two impulse responses.  

 
Table 1 – Characteristics of the impulse responses we used for the stimuli 

Library Distance (m) Distance (ft) Reverberation 
Time (s) Definition 

Kasuga Library 
(traditional) 5.59 18.3 0.3 0.9 

Yachiyo Library 
(modern) 4.95 16.2 0.4 0.7 

 

3.2 Recording children’s voices 
We recorded children’s conversational sounds in order to simulate the noise from active children 
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in the libraries. We used a field recorder (R-05 Roland) in PCM formant, with a 44.1 kHz sampling 
rate. Five families with children ranging in age from two to ten years old volunteered, with prior 
consent to the intended research. The children’s voices were recorded in the dining or living room, 
which has little reverberation and enabled us to record direct voice sounds. These locations may not 
be acoustically ideal as anechoic chamber, but among the areas at home where children can conduct 
natural conversations, they are the best choices. In order to record natural conversation, the parents 
of each family recorded the children’s voices without the experimenter present. We explained the 
recording procedure to each of the parents, and instructed them to adhere to the following procedures: 
(1) Record when the children are gathered together and having fun, such as during tea time or a party, 
(2) place the recorder where it will pick up the children’s voices clearly, such as in the centre of the 
table, and (3) record for about one and a half hours in total to allow for later editing. 

3.3 Stimulus sound without reverberation 
We edited the conversational sounds recorded in each household, and prepared the stimulus sounds 

before reverberation in the libraries according to the following procedures: (1) Delete sections of the 
recording that contain private information, that are distorted by loud sounds nearby, and any quiet 
sections, (2) calibrate the volume of sounds across the households. (3) divide the sounds about every 
1-1.5 minutes and randomly concatenate the sounds of each household. (4) a fade-in/fade-out is edited 
in for eight seconds at each transition between household audio clips. 

We created three stimulus sounds with a duration of 9-9.5 minutes following the above procedure. 
In this research, the calibration of volume is based on ITU-R BS. 1770-4 (8).We calculated the LKFS 
value of the sounds which represents loudness, and adjusted the amplitudes of the audio files, so that 
their LKFS values are at an equal level, differing less than ±0.05% from each other. 

3.4 Stimulus sound with reverberation 
We defined four reverberation conditions in this experiment: (1) direct (children’s direct voices 

without reverberation), (2) traditional (children’s voices with reverberation of Kasuga Library), (3) 
modern (children’s voices with reverberation of Yachiyo Library) and (4) silence (control condition). 

We convolved the stimulus sounds with the impulse responses from Yachiyo and Kasuga Libraries 
in order to achieve the desired reverberation. After reverberation, we calibrated the volume across all 
the stimuli equally. A total of nine types of stimulus sounds (three conversational sounds and three 
reverberation) were created, and used in a random order in the experiment, along with the silence 
control condition.   

4. WORKING MEMORY EXPERIMENT 

4.1 Procedure 
We tested working memory using the Operation Span Task (OST (9)) under four sound conditions. 

The procedure of the OST is shown in Figure 4, and is designed similarly to that of previously 
published research (10), except as to the number of presented letters4. First, we presented a calculation 
problem, which the participant answered on the next screen. Next, we presented an alphabet and 
another calculation problem. After repeating this, the participant had to recall all of the presented 
alphabets in the order they were presented. The feedback was then displayed. One session consisted 
of this trial repeated for 12 times. An experiment consisted of four sessions (i.e., four different sound 
conditions in a random order but without a counter balance).  We set about 5 minutes break between 
sessions. Before starting the experiment, we conducted a practice session of three OST loops for about 
five minutes to explain the procedure to the participants, and to acquire baseline data to individually 
adjust the experiment parameters. An experiment took about 1.5 hours. This experiment was approved 
by institutional review board at University of Tsukuba.  

                                                        
4 The number of presented letters is (3, 3, 4, 4, 5, 5, 6, 6, 7, 7, 8, 8) in this study, where the original 
research employed (3, 3, 3, 4, 4, 4, 5, 5, 5, 6, 6, 6, 7, 7, 7). The number of letters to present in the first loop 
is randomly selected from this list. 
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4.2 Experimental conditions 
Twenty-two undergraduate and graduate students (12 males and 10 females), aged 18-25 at 

University of Tsukuba and possessing normal hearing abilities participated in the experiment.  
In the experiment, a GENELC 8020C loudspeaker was used to present sound, and a laptop 

computer (Macbook Pro 13-inch 2015) was used to display the GUI. We used Inquisit 5 to program 
the OST. The speaker was placed at the position in front of the participant, about 1 m (3.28 ft) away 
from the participant's ears and at a height of 0.95 m (3.12 ft) from the floor (the same level as the 
participant’s ears.) We calibrated the sound pressure level of the stimulus sounds by using a SPL meter 
(Ono Sokki LA-3260) at these speaker and participant positions.  

The experiment was conducted in a soundproof room at University of Tsukuba, with the average 
background noise level at 18.5 dB. The stimuli were presented with average sound pressure levels of 
42 dB at the listening point. The participants seated in front of a speaker and conducted the OST while 
hearing the stimulus sounds.  

4.3 Questionnaire 
We asked the participants to answer both pre- and post-experiment questionnaires and submit to 

an interview. The pre-experiment questionnaire consisted of questions about the backgrounds of the 
participants (e.g., age, sex, study environment preference, and frequency of library use). In the post-
experiment questionnaire, we asked about their impressions of the stimulus sounds and the task 
difficulty of the experiment. In the interview we asked which sound conditions were comfortable or 
uncomfortable.  

4.4 Ospan Total Correct 
There are two generally accepted ways to count correct memory recalls, we chose to employ the 

Ospan Total Correct (OTC) (10) method for this study. In order to analyse the experiment results, we 
used OTC score to count the number of letters that were recalled correctly. OTC represents the total 
number of correctly recalled alphabets in the entire task. In this study, if the participants performed 
perfectly, their OTC would be 66 (the total number of presented letters). 

5. RESULTS 
An analysis was conducted for all 20 results, excluding two participants whose accuracy rate was 

less than 85% under any condition. We used R for the statistical analysis. The result of the OTCs for 
each sound condition are shown in Figure 5. For the OTC, the direct condition had a significantly 
lower score than the silent condition (𝑝 < 0.01, corrected with Benjamini & Hochberg (BH) method 
(11)). Also, the difference between the direct and modern conditions, and the difference between the 
traditional silent conditions was not quite significant (𝑝 < 0.09 for both cases, also corrected with BH 
method). In the pre-experiment questionnaire, the participants were asked ‘Are you easily distracted 
by sounds while working?’ However, their resulting ANOVA showed no significant correspondence 
between the questionnaire responses and OTC scores. 

 
 

Figure 4 – Procedure of Operation Span Task 
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Figure 5 – OTC scores for each sound condition, where 

**: p < 0.01, *: p < 0.05, †: p < 0.1 (multiple comparison corrected with BH method) 
 

 
Figure 6 – Comfort judgments of sound condition 

 
In the interview, we asked the participants which sound condition was uncomfortable and which 

was comfortable. Figure 6 shows the result of the uncomfortable or comfortable sound conditions as 
judged by the participants. Most of the participants felt that the direct condition was the most 
uncomfortable, and that the silent condition was the most comfortable. There were more ‘comfortable’ 
answers in the traditional and modern conditions than in the direct condition. However, there were 
fewer people who answered ‘moderate’ in the modern condition than in the traditional condition. The 
difference of comfort judgments between direct and silent conditions is quite evident, while the 
difference of comfort between traditional and modern conditions seems to be more individualized.  

Figure 7 shows the Ospan Total Correct sorted by comfort judgments (rated by the participants). 
As a result of ANOVA, the correspondence between comfort judgments and OTC was significant (𝑝 <

 
 

Figure 7 – OTC scores sorted by comfort judgments where 
**: p < 0.01, *: p < 0.05, †: p < 0.1 (post-hoc analysis with Scheffé’s method) 
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0.05). Post-hoc tests showed that the OTC was significantly higher in the uncomfortable condition 
than in moderate and comfortable conditions (𝑝 < 0.05 , corrected with Scheffé’s method (12)). 
Moreover, in the OTC, the score tended to be higher in the comfortable condition than in the moderate 
condition (𝑝	 < 0.01, corrected with Scheffé’s method). 

6. DISCUSSION 

6.1 Overall results 
Previous studies have showed that short-term memory functions less efficiently when listening to 

conversational speech than in a silent environment (1, 2, 11). Our research showed a similar 
outcome— the difference between direct and silent conditions was significant. The modern condition 
tended to show better, although not significant, performance than traditional and direct conditions. 

Considering the acoustic design of each library, the Kasuga Library had a small room size and was 
designed with many sound absorbing materials. Because the density of book volumes was high, direct 
sounds were absorbed by the bookshelves, and the reverberation emphasized low-frequency sounds. 
On the other hand, Yachiyo Library had a large room size and low bookshelf density, so the 
reverberation was quite broad-band. Listening to the synthesized stimuli, the conversational sounds 
echoed more pleasantly with the long and broad-band reverberation at Yachiyo Library, than with the 
short and low-frequency emphasized reverberation at Kasuga Library. We think this probably resulted 
in a more ‘comfortable’ rating for Yachiyo Library than for Kasuga Library.  

These results contradict the reported disadvantages of long reverberation time in the field of class-
room acoustics. For example, Klatte and Hellbrück (14) reported that environments with long 
reverberation times induced conversation among children. Persson, et al. (15) reported that the stress 
of teachers increased in an environment with long reverberation. There may be two reasons why 
teachers feel stressed by longer reverberation times. One is that students who are talking earn poorer 
grades (14), and the other is that the teacher's voice cannot be clearly transmitted in the classroom 
because a long reverberation makes the teacher’s speech unintelligible. 

We surmised that the effect of long-reverberation time differs in the context of a public library— 
there are no teachers or grades in a library, and people enjoy studying autonomously there. Inducing 
children’s conversation may bring a public library a lively and positive atmosphere, which can be 
beneficial for knowledge creation. We also speculate that while information and knowledge processing 
were well considered in previous classroom acoustics research, consideration of knowledge creation 
was neglected. For knowledge creation, longer reverberation time is actually more desirable.  

Further, public libraries are much more spacious than classrooms that accommodate diverse people 
in the community. For example, zoning is a common technique to spatially distribute library users 
based on their intended purpose of visiting, such as reading or discussion. By varying ceiling-heights 
and sound-absorbent materials, an ideal reverberation time can be optimally assigned for each zone 
within the library.  

6.2 The relationship between comfort and sound condition 
The resulting data of this study shows that task performance was significantly higher in a 

comfortable sound environment than in an uncomfortable environment. This suggests that comfort 
and task performance are highly correlated. In other words, choosing a sound environment to perform 
intellectual activities based on an individual’s own preference can result in the selection of a sound 
environment with optimal work efficiency. However, in the pre-experiment questionnaire, very few 
participants selected lively cafés as preferable to quiet libraries. This response was unexpected, since 
students often work in cafés and diners, and Kasuga Library is rarely oversubscribed. In future 
inquiries, we could better design our questionnaire to garner more realistic responses. In order to 
investigate the relationship between individual sound environment preference and working memory 
capacity, it may also be interesting to recruit a group of participants who prefer a lively sound 
environment in a future experiment. 

7. CONCLUSION 
In this study, we examined how children's conversational sounds in different reverberation 

conditions can affect working memory. We discovered that silent conditions increased working 
memory capacity more significantly than direct sound conditions (𝑝 < 0.01). The average score for 
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working memory performance under modern library conditions seemed better than that of traditional 
library conditions and direct conditions, but not statistically significant. This result was analysed 
along with the preference ratings for the sound environments. In the comfortable sound environment, 
the working memory capacity increased (𝑝 < 0.05). This suggests that choosing a sound environment 
to perform intellectual activities according to one’s own preference may result in selecting a sound 
environment with good work efficiency. 
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ABSTRACT 
In architectural design of schools, architects usually replicate one or more types of classrooms throughout the 
building. However, few studies refer to the verification of acoustical quality of classrooms, which can cause 
damages in the teaching-learning process, in case there is low quality, commonly found in Brazilian schools. 
This study aimed to propose basic guidelines for room acoustics of classrooms in two universities in Rio 
Grande do Norte, Brazil, considering the replication of solutions in standardized rooms. The methodology 
was a simulation of acoustical quality of standardized classrooms with alterations on ceiling and posterior 
wall through the software EASE® in comparison to the results of the measurements in situ, used as calibration 
control of the computational model. The best solution, among the proposals, depended on the shape and 
proportion of each classroom, varying between different percentages of absorbent material applied in the 
ceiling and in the posterior wall. The Definition (D50) was better distributed in all rooms with a 100% 
absorbent ceiling, however, the other parameters of intelligibility presented variables according to the shape 
of the room and the application of absorbent material. From the simulations, some guidelines for the 
architectural design of these classrooms were purposed in terms of acoustical quality. 
 
Keywords: Sound quality, Classroom acoustics, Acoustical simulation 

1. INTRODUCTION 
The comprehension of the speech is fundamental for the achievement of a good teaching-learning 

process. When the spoken message is not clearly listened by the students, the understanding and, 
consequently, the learning process is impaired (1). It is common to find in Brazil classrooms with poor 
acoustical quality (2), which implies in a bad intelligibility. According to (3), good acoustical 
conditions in classrooms improves the learning process, making it more fluid and less stressful.  

It is important to consider that the cost of a renovation is still low in comparison to the social costs 
derived of classrooms with bad acoustical quality (4). Studies (5–7) reveal the importance of an 
acoustical design for classrooms, considering the external and internal noise as well as the 
architectural characteristics aiming for a good sound quality inside the room.  

Besides the poor acoustical quality, it is also common in Brazil to replicate the same sort of 
classroom in the design of a school or university. So, the school or university is designed with the same 
kind of classroom with poor sound quality and taken as reference for other designs. This type of room 
is called here as standardized classroom, what it is also common to identify in new building 
extensions. 

The objective of this study was to simulate the application of absorbent material in different 
proportions in the ceiling of classrooms in two universities in Rio Grande do Norte, Brazil, aiming to 
propose basic guidelines for room acoustics considering the replication of solutions in standardized 
rooms throughout the institutions. 

To acoustically characterize a room the most important parameter is the reverberation time, which 
is the interval after the sound source mute that the sound remains audible (8). Considering classrooms, 
Brazilian standards do not have recommended values of reverberation time These standards should be 
reviewed, since they are an important consultation document for architects in the design process. 

 
1 luciana_ralves@hotmail.com 
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2. METHODOLOGY 

2.1 Characterization of the universities 
Aiming to propose basic guidelines for architectural acoustics of classrooms in institutions with the 

replication of the same pattern of classrooms, this study was applied in two federal and public 
universities in the state of Rio Grande do Norte, located in Brazilian northeast. Both universities have 
campus in many cities of the state, but this study was applied in the campus situated in Natal, the state 
capital. 

The first institution analyzed was the Federal Institute of Rio Grande do Norte (IFRN), founde d in 
1910 as a technical school which, after 1999, added higher education courses in their grade. IFRN has, 
nowadays, 21 campuses throughout the state and 12 undergraduate and six postgraduate courses in the 
campus analyzed, called Campus Natal-Central. 

This campus is situated in an important region of the city in a 90.000m² lot since 1967. It has a 
central building which one floor for administration rooms (called Floor A) and two others with 
classrooms (called Floors B and C), which were used in this study. In the figure bellow, this building 
has a tag highlighted in yellow. The academic centers also have classrooms, but, as this rooms were 
adapted in building renovations, they do not follow a pattern of size or shape.  

 
Figure 1 - The subdivision of IFRN Natal-Central campus (9). 

The second institution analyzed was the Federal University of Rio Grande do Norte, founded in 
1958. The Campus Central is situated at the current location since 1968 on a plot of 123 hectares in a 
central region of the city. There are 84 undergraduate and 86 postgraduate courses throughout the 
university, divided into five academic centers, according to the related study areas. 

Each of these academic centers has a 
central academic building with classrooms, 
called “sectors”. At the beginning of the 
university, five buildings were constructed 
with the same modular structure and, as the 
university expanded, other sorts of building 
were built, sometimes replicating the same 
original building or standardized 
classrooms of the original sectors with no 
significant changes. In the figure bellow, 
the sectors with classrooms for theorical 
classes are highlighted. This study was 
applied in the Sector IV, which houses 
technological courses. 
 

 
Figure 2 – The subdivision of UFRN Central campus (10). 

2.2 Characterization of the standardized classrooms 
In each institution some sorts of classrooms were chosen to this study, considering  the dimensions, 

shape, proportion between width and length, volume, location in the building and representative 
quantity of this classroom throughout each university, which characterizes the sample as a 
standardized classroom in the institute. 
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At the IFRN, one sort of classroom has more significantly repetitions and it is called as Classroom 
Type 01 for this study, which groups the classrooms B01, B06, C01, C06 and C20. The rooms named 
as “B” are located at the second floor, called Floor B (Figure 3), and the rooms “C” are located at the 
third floor, called Floor C (Figure 4). For this paper the results presented are from the room C01. The 
Type 02 was inconsiderate for this paper because at the time of the research only one room with these 
characteristics (C12) was working as a classroom. The others have been used with other functions.  

 
Figure 3 - Floor plan of "Floor B" with classrooms Type 01 highlighted in light green. 

 
Figure 4 - Floor plan of "Floor C" with classrooms Type 01 highlighted in light and Type 02 in dark green. 

At the UFRN, the academic buildings, called sectors, have a modulate structure, what allows some 
kinds of standardized classrooms with variation in lengths. The sector chosen for this study has 
classrooms with the same width and five different lengths following the structure modulation (Figure 
5), what also occurs in other sectors of UFRN. For the study, three kind of classrooms were chosen: 2 
modules (G03 – Type 03) and 3 modules, without (A03 and B02 – Type 04) and with absorbent ceiling 
(I02 – Type 05). 

 
Figure 5 - Classrooms studied in UFRN. 

All classrooms studied in IFRN, as shown in Figure 6, have a brick wall with ceramic coating in the 
lower part and painted in the upper portion, student carts with polypropylene chair and wood table, 
canvas blinds covering glass windows and a glass chalkboard. In UFRN, the classrooms have a brick 
wall painted, student carts with wood or polypropylene chair and wood table, glass windows and a 
glass or white board, as shown in Figure 7. 

 

Figure 6 - Standardized classroom in IFRN. 

 

Figure 7 - Standardized classroom in UFRN. 
The Erro! Autoreferência de indicador não válida.  presents the properties of the classrooms 
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analyzed regarding the types, institutions, dimensions, volume and ratio. In the “observation” cells, it 
is presented the most relevant motive for the study of each type of room. 

Table 1 - Properties of the classrooms. 

Type Inst./Room Dimensions Volume Ratio Observation 

01 IFRN/C01 6,85 x 7,35 x 3,40 m 171 m³ 
1:1 

(1:1,07) 

Classroom with the highest number of 

repetitions in IFRN 

03 UFRN/G03 8,00 x 6,05 x 3,15 m 152 m³ 
1,5:1 

(1,32:1) 

Classroom with length higher than 

width 

04 UFRN/A03 8,00 x 9,15 x 3,43 m 251 m³ 
1:1 

(1:1,14) 

Classroom with the highest number of 

repetitions in UFRN 

05 UFRN/I02 8,00 x 9,15 x 2,86 m 209 m³ 
1:1 

(1:1,14) 
Classroom with absorbent ceiling 

2.3 Simulation method 
The first step to obtain an accurate simulation was to measure the room dimensions and to estimate 

the corresponding material for the determination of the coefficient of absorption according to the 
literature or software database. All sorts of classrooms were acoustically measured using Brüel & Kjær 
equipment. The measurements result of reverberation time were used as a reference value to calibrate 
the simulated rooms. The current situation of each classroom was modeled using Trimble Sketchup 
2016 (11) and imported into EASE version 4.3 (12), acoustic simulation software, in which the 
materials were associated to each surface and the audience and listener seats were positioned 
according to the measurements. The simulations used the AURA module of EASE. 

The audience area considered a distance of 0,10 m from the side and rear walls, 1,50 m from the 
front wall and 1,20 m from the floor. The listener seats were positioned according to the microphone 
position in the measurements, as well as the height of 1,20 m. The simulations considered the 
background noise measured in each frequency and a split time of 10 ms.  

The current situation of each type of classroom was simulated and calibrated with the 
measurements results. After the validation of the model, a  mineral ceiling was added into the model on 
EASE in different proportions (50, 75 or 100% of the ceiling area, as shown in the table below). For all 
the propositions the mineral ceiling used was the model Janus from the manufacturer OWA. This 
commercial ceiling was chosen based on a real proposition for the enhancement of the classrooms and 
on the material properties, but it could be exchanged for other material with similar acoustical 
characteristics. The ceiling height for all simulations was fixed in 2,60 m to compare the results 
according to the shape of the room, not considering height variations. The simulations encompassed 
the Classroom Types 01, 03, 04 and 05. The Type 02 was inconsiderate because of the low 
representativity of the sample. The Types 04 and 05 were grouped, being called as Type 04-05, because 
the addition of a plaster ceiling turns the two kinds of classrooms in one, considering that the major 
difference between them was the ceiling height and material. The simulations, thus, considered four 
situations, as described in the following table.  

Table 2 - Simulation scenarios. 

Nomenclature 
C.S. (Current 

situation) 

AC50% (Absorbent 

ceiling 50%) 

AC75% (Absorbent 

ceiling 75%) 

AC100% (Absorbent 

ceiling 100%) 

Position of the 

absorbent ceiling 

(in purple)     

Absorbent ceiling 0% 50% rear 75% rear 100% 

Reflector ceiling 100% 50% frontal 25% frontal 0% 
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2.4 Analyzed parameters 
The simulations resulted in graphs, images and tables. The main objective of these simulations was 

to compare and analyze the improvement of the intelligibility  in the classrooms studied. For that, the 
parameters reverberation time (T20), early decay time (EDT), definition (D50) and speech transmission 
index (STI) were analyzed. The reverberation time is the parameter that most characterize the acoustic 
response of a room, being the time that the sound remains in the room after the source mutes. When the 
late reflections carry too much energy, it is harmful for the understanding of the receivers in places of 
speech (8). The early decay time (EDT) is considered an important parameter for the evaluation of 
rooms for speech because it concerns about the early decay, which is more evidenced in the speech 
since the reverberant tail is often merged with the next words or syllables (13). Usually, the human 
beings react better to these first reflections, giving a subjective sensation of sound quality (14). The 
definition (D50) is related to the ability of distinguish subsequent sounds, promoting a sensation of 
“clear sound”. The greater energy transmitted by the first reflections, the greater the sound definition 
(13). And, finally, the speech transmission index (STI) that refers to the modulation of sound, 
considering the difference between the background noise and the sound pressure leve l of the source. 
The STI decreases in places with a high background noise and reverberation time (13). 

In order to evaluate these results, it was important to considerer reference values. The table below 
presents the ideal and acceptable values of four parameters related to intelligibility. 

Table 3 - Recommended values for the analyzed parameters. 

Analyzed Parameters Ideal value Acceptable values References 

Reverberation time (T20) ≤ 0,6 s in 500 Hz ≤ 0,8 s in 500 Hz (14–16) 

Early Decay Time (EDT) ≤ 0,05 s ≤ 0,05 s (17) 

Definition (D50) ≥ 5,0 ≥ 5,0 (13,14) 

Speech Transmission Index (STI) ≥ 0,75 ≥ 0,6 (13) 
 

3. RESULTS AND DISCUSSION 
The results obtained with the simulations were compared with the measurements results for each 

type of classroom analyzed in the following graphs. Each graph shows the ideal value (line), 
acceptable values (filling) and the data from the measurement and the three scenarios of simulation: 50, 
75 or 100% of absorbent ceiling.  

All graphs have the same color legend, presented in 
Figure 8. The graphs of Classrooms Type 04-05 
present two “current situation”, being the yellow line 
with circle bullets representing the room without 
absorbent ceiling (UFRN A03) and the yellow line 
with X bullets representing the room with absorbent 
ceiling (UFRN I02). 

 
Figure 8 - Color legend for the graphs. 

3.1 Comparison between measurements and simulations 
The Classroom Type 01, which is an approximately square, 1: 1 ratio, located in IFRN, presents 

reverberation times above 1,5 seconds in most of the frequencies analyzed and the EDT follows the 
same tendency, decreasing only in 500 and 1000 Hz. Regarding the Definition, none of the frequencies 
reach the ideal range of the parameter. Considering the simulations, all results are satisfactory, being 
the A.C 100% the one with the best values. The application of absorbent material in only 75% of the 
ceiling (A.C. 75%) also shows good results, very close to the A.C. 100% in T20 and EDT, with a little 
bit lower result in D50. This type of classroom presents a bad STI in the current situation and a good 
STI, between 0,67 and 0,74, in all the simulated scenarios.   

 
 
 
 
 

4549



 

Graphs 1 - Results of Classroom Type 01. 

As for the Classroom Type 03, which is rectangular classroom located in UFRN and has a ratio 
1,5:1, being larger than deeper, the reverberation time has the lower values among the classrooms 
studied. Although, the T20 is still high in comparison to the ideal values. The same happens with the 
EDT, which presents a different behavior in relation to T20 throughout the frequencies. Considering 
the simulations, all scenarios present similar values of T20 and EDT. Moreover, the T20 founded in all 
simulations is considerably near of the recommended values. The D50 is better with in the A.C. 100% 
scenario and distributed more evenly between the frequencies, although the other scenarios also reach 
the ideal values. Regarding the STI, the current situation is evaluated as acceptable, bordering the bad 
band, and the all simulated scenarios as good (values between 0,67 and 0,74).  

Graphs 2 - Results of Classroom Type 03. 

The Classroom Type 04-05 is located in UFRN and has a square shape with ratio 1:1. The room A03 
(yellow line with circle bullets) presents the worst results between all classrooms analyzed and is the 
most repeated standard in the university. The room I02 (yellow line with X bullets), that is the same 
room but with absorbent ceiling, presents better results, although they are not satisfactory yet. The 
highest difference is in EDT, which determines the subjective impression of the sound. Thus, this sort 
of classroom promotes a better intelligibility of speech than the A03. The definition is also better, 
mainly in 500 Hz, but still out of the ideal values.  

Graphs 3 - Results of the Classroom Type 04-05. 

Considering the simulations, all scenarios present similar values in T20 and EDT, being the A.C. 
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100% the one with the best D50. Comparing the A.C. 75% and A.C. 100% it is possible to observe that 
both have a similar behavior. Considering the financial resources to buy and install an absorbent 
material in all ceiling area of the most repeated standard of classroom of the university, the A.C. 75% 
is considered as the best solution, giving a satisfactory intelligibility. The A03 presents bad STI values, 
while the I02 has acceptable values of STI. The simulated situations present good STI from 0,65 to 
0,74. 

In all cases studied, the addition of an absorbent ceiling improves the intelligibility of the 
classrooms in any proportion: 50, 75 or 100%. All classrooms present the best result with a 100% 
absorbent ceiling, but considering the proximity between the values and the achievement of a good 
intelligibility in all simulated scenarios, the addition of a lower area of absorbent material may 
indicate savings on financial resources and use of the existing ceiling in part of the classroom.  

3.2 Basic Guidelines 
Considering the results found, it was possible to determine some basic guidelines for the design of 

classrooms in these institutions or with similar conditions. The first one is that a room larger than 
deeper presents a better distribution of the parameters throughout the room. Thus, a classroom with a 
ratio until 2:1 has a better acoustical behavior than a room 1:1 (square), as long as the dimensions are 
compatible with classrooms (between 6 and 8 m). 

The second guideline is to use a plan ceiling without the interventions of beams or other elements. 
Also, the ceiling in the frontal area (reflective material) of the situations A.C. 50% and A.C. 75% can 
be inclined for a better distribution of the early reflections. Each case should be studied to deter mine 
the better inclination of the reflective ceiling and the reinforcement area.  

In addition, the lower the room volume, the better the reverberation time, regardless of the material 
used in the ceiling. However, if the volume change is a result of changing the ceiling material of the 
room, provided that at least 50% ceiling area is in absorbent material, the design or constructive 
transformation will bring benefits to the acoustic quality of the room. If possible, the greater the 
absorbent area in the ceiling, the better the result obtained. 

To avoid the formation of a reverberant field at the back of the room, one can also apply absorbent 
materials or diffusers, causing absorption or reflections on the back wall to be scattered around the 
room, reaching more students. An alternative is to widen the angles between the side walls and the 
bottom wall, making it an oblique angle in order to promote diffusion. This solution, however, 
becomes more difficult to apply in classrooms already built, and can be adapted with the application of 
panels to avoid the right angle. 

4. CONCLUSIONS 
In order to promote classroom improvements and considering that speech intelligibility parameters 

are generally dependent on reverberation time, changes were proposed that involved the two most 
influential factors in RT: volume and area of absorption. A standard height ceiling was inserted for all 
the rooms studied in the simulations, while three situations of increase of absorbent area were 
simulated. These proposals indicated that the greater the area of absorption in the ceiling, the better the 
acoustic response of the room. The parameter that suffered the greatest variation according to the 
simulated proposals was the Definition, being better distributed in the case of a larger ar ea of 
absorption. However, in all cases proposed, all rooms achieved good results for speech intelligibility.  

Analyzing the relation of the shape of the room with the distribution of the values of the parameters 
in the classroom, it can be seen that the room with a ratio of 1.5:1 presents a more uniform distribution, 
while the room of proportion 1:1 shows the worst distribution. That is, the smaller the depth of the 
room, considering dimensions commonly found in classrooms, the better the sound distribution, which 
makes students sitting in any position have similar sound perception and understanding.  

Finally, it was possible to perceive similarities in the acoustic behavior between classrooms 
according to the modifications made, which determined some design guidelines for classrooms with 
better acoustic conditioning. Some modifications in existing classrooms are easy to implement and 
replicate and contribute greatly to improving speech intelligibility for students. These improvements 
foster better interaction between teachers and students, encourage the teaching process and support the 
better training of students and, consequently, future professionals.  
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ABSTRACT 
Previous investigations have found high equivalent and maximum noise levels in preschools which raises 
concerns about children’s hearing, well-being, and learning environment. Recent research also shows that 
preschool teachers have an increased risk of hearing-related symptoms and that they think the sound 
environment at the preschool affects the children’s behaviour. In the research project, Supportive Preschool 
ACoustic Environment (SPACE) we want to find and formulate acoustic quality criteria giving the best 
prerequisites for preschool activity. In other words, how should we plan, furnish and build preschool facilities 
in the future to resolve the noise problem? A number of factors influence the sound environment in addition 
to the room acoustic; type of activity, number and personality of children and personnel, pedagogic noise 
control methodology, presence of interaction noise (e.g. chair scarping), and the use of noisy toys among 
others. The present study focus on the effect of room acoustics on the resulting sound environment in different 
preschool rooms. Are there audible differences between rooms when virtually using the same group of 
children as sound sources? The different sound environments are simulated by convolving anechoic 
measurements of preschool children with measured binaural impulse responses from public preschools. 
These are then compared in a listening test to assess perceptual differences. Swedish building regulations use 
reverberation time and installation noise as the main targets when planning the room acoustics of preschools, 
how do these and other room acoustic parameters relate to the subjective impression of the room?  
 
The results of the current work will be finalised during summer 2019 and presented together with the poster 
at the International Congress on Acoustics in Aachen in September 2019.   
 
Keywords: Room acoustics, Preschool, Audible differences 
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On the production mechanisms of the singer’s formant 
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ABSTRACT 
A small extra tube directly located above the glottis (laryngeal tube), which is about six times smaller in 
cross-sectional area than the pharyngeal-oral tube section and which has a length of about 1/6 of the overall 
length of the vocal tract tube seems to be responsible for producing a broad (hyper-)formant at about 3 kHz, 
called the singer’s formant. From an acoustic viewpoint the singer’s formant has been described as a 
clustering of the third, fourth and fifth formant. Using a computer simulation model for sound production, 
which includes a self-oscillating vocal fold model (source model), an acoustic wave propagation and 
radiation model (tube model or filter model) as well as source-filter interaction mechanisms it is possible to 
show that a further mechanism is responsible for increasing the amplitude of partials in the frequency region 
of 3 kHz. Our simulations indicate that in the case of normal to high subglottal pressure (normal speaking to 
loud singing voice) a specific source-filter interaction mechanism is an important contributor for increasing 
partials in the region of 2 kHz to 5 kHz. 
 
Keywords: Music, Singing, Voice, Singer’s Formant, Synthesis 

1. INTRODUCTION 
It is well known that female as well as male opera singers are able to form a singer’s formant (1, 2, 3). 

This formant is located at about 3 kHz and is strong in intensity. The singer’s formant leads to a much 
smaller decay of the spectrum between 2 and 5 kHz as in the case of speaking voices or in the case of 
singing by amateurs or in case of singing in other singing styles. The huge energy concentration in the 
frequency region between 2 kHz and 5 kHz allows the opera singer to appear with a very sustainable voice. 
The singer is thus well perceivable without microphone and in case of an accompanying classical orchestra. 

From the production perspective the source of the singer’s formant seems to be a small extra tube right 
above the glottis (laryngeal tube, see Sundberg (1)) together with an abrupt change in cross sectional area at 
the end of this tube, i.e., at the transition of this laryngeal tube to the pharyngeal cavity. It is assumed that 
the cross sectional area of the laryngeal tube is about 6 times less than the mean cross sectional area of the 
rest of the vocal tract (pharyngeal and mouth cavity), thus forming an extra formant because of its acoustic 
mismatch (high change in acoustic impedance) between this small laryngeal tube and the main tube 
representing the vocal tract (pharyngx and oral region). Further studies were focused on the acoustic 
characteristics of the vocal tract transfer function in the case of opera singers and postulate a clustering of 
the third, fourth and fifth formant of the vocal tube as origin of the singer’s formant as well as interaction 
effects between F1 and partials of F0 (2, 3). 

The experiment described in this paper as well underpins the importance of a small laryngeal cavity 
followed by a wide pharyngeal cavity but emphasizes the fact that the increase of formants in the region 
between 2 kHz to 5 kHz is mainly related the so called “source-filter interaction” or “glottis-vocal tract 
interaction” (4, 5, 6, 7).  

Source filter interaction can be differentiated in three subcases, i.e., the case of acoustic-aerodynamic, 
mechanic and no interaction. Acoustic interaction reflects the fact that the backward travelling acoustic 
waves reflecting the standing waves (formants) influence the glottal flow at the level of the glottal tube. 
This interaction mainly causes formant ripple within the opening phase of the glottal pulse (6). A major 
aerodynamic interaction effect is that the peak of the glottal flow pulse is shifted to the right side in 
comparison to the peak of the glottal area pulse shape. This effect results from the inertia of the 
subglottal-supraglottal air column and generates a specific flow shape mainly in the closing portion of the 
glottal cycle, i.e., more abrupt cutting off of glottal flow at the moment of glottal closure within a glottal 
cycle. Mechanical interaction mainly occurs in case of an obstruction of airflow in the vocal tract and thus 
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occurs during consonantal full closures of the vocal tract. This decreases the glottal flow and leads to a 
reduction up to a stop of vocal fold vibration during the time interval of vocal tract closure.      

In this study the importance of the acoustic-aerodynamic source-filter interaction for the generation of a 
singer’s formant will be demonstrated using an articulatory-acoustic simulation model (8) capable of 
simulating glottal source and vocal tube aerodynamics, acoustics, and all of its interactions as described 
above.   

2. METHOD 

2.1 Model 
The articulatory-acoustic simulation model used here (8, 9) comprises a subglottal, glottal and 

supraglottal component (Fig. 1, left). The subglottal system models the lungs and the tracheal tube. Lung or 
pulmonary pressure is inserted at the bottom of the tracheal tube and the subglottal pressure results 
underneath the glottis. The vocal fold system includes a self-oscillating two-mass model modeling the 
vibrating part of the glottis (Fig.1, right) and an extra shunt arranged in parallel modeling the cartilagenous 
part of the glottal slit (not shown in Fig. 1). The supraglottal part comprises an acoustic model of the 
pharyngeal, oral and nasal tube including all occurring mechanical, aerodynamic and acoustic loss 
mechanisms, including a noise frication generator (e.g. for producing fricatives) and including a radiation 
model for sound radiation at the mouth and at the nostrils. Vocal tract shapes can be formed using an 
articulatory model as described in Kröger et al. (8).  

Three different versions of the model exist: i) direct insertion of a prescribed time-varying glottal flow 
in the vocal tract tube (see Veldhuis (10), no source-filter interaction, this variant of the model is called 
model 1). ii) Direct insertion of a prescribed time-varying glottal area A1 (see Fig. 1; this variant of the 
model is called model 2). Here, glottal flow results from the aerodynamic-acoustic laws. Source-filter 
interaction (11, 7) occurs as a byproduct in this model because glottal flow is directly part of the 
subglottal-glottal-supraglottal vocal tube (see Fig. 1).  iii)  Self-oscillating glottis model (model 3, 
physiological model, see Pelorson (12)): the aerodynamic-acoustic part is same as model 2 but in addition 
the vibration of the vocal folds and thus glottal area as function of time is calculated from aerodynamic and 
mechanical forces acting on the two masses (13, 12, 11, 7).  

 

 
Figure 1 –The articulatory-acoustic simulation model (left side) and the mechanical part of the self-oscillating 
glottis model (right side; part of model 3). Left side: u+ and u- represent forward and backward traveling partial 
flow waves, ug represents glottal flow, um and un represent air flow at mouth and nostrils, psub represents subglottal 
pressure and psp represents radiated sound pressure from the mouth and nostrils. GA, CT and PP represent glottal 
control parameters glottal aperture, cord tension and pulmonary (or lung) pressure. A0, A1 , A2, … Amax represent 
cross-sectional area of the subglottal tube section, of the glottal tube section, as well as of the supraglottal tube 
sections. Noise is inserted if a narrow constriction together with a high airflow occurs in the oral tube (noise 
frication generator).  Right side: A two-mass model represents the mechanical part of the self-oscillating glottis 
model and comprises two damped spring-mass pairs (mi, ri, si, i=1,2) as well as a coupling spring with spring 
constant kc. Model 2: A1 is directly controlled by an input time function. Model 1: Glottal area is set to a low value 
in comparison to A0 and A2 in order to allow a small backward travelling wave u-1 as it occurs in the open phase of 
glottal cycle. Glottal flow is inserted in tube section 1 (glottal tube section) as forward traveling partial wave u+1. 
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2.2 Simulations 
In this study we simulated combinations of (i) two different lung pressure levels, (ii) two different types 

of source-filter interactions (no interaction vs. acoustic-aerodynamic interaction), (iii) different vocal tract 
shapes (schwa-sound an /a/-sound) and (iv) occurrence or absence of the narrow laryngeal tube, i.e. wide 
(or no) and narrow laryngeal tube. Two different values of lung pressure were set, representing a normal 
loud voice, here called speaking voice (pulmonary (or lung) pressure PP = 600 Pa) and a loud voice, here 
called singing voice (PP = 1200 Pa). Two different types of interactions were modeled in order to 
differentiate the cases no interaction vs. full acoustic-aerodynamic source-filter interaction. These different 
cases or models are labeled here as “model 1” (directly imposed glottal flow, no source-filter interaction) 
and as “model 2” (directly imposed glottal area, source-filter interaction). Two types of vocal tract shapes 
were used, i.e. that of a schwa-sound (constant cross sectional shape of vocal tract tube, Fig. 2) and that of a 
“technical /a/-sound” (see Fig. 2). The technical /a/ comprises two sections or tubes with constant cross 
section, i.e. a relatively narrow and a wide tube. The claim for producing an acoustically correct “cardinal 
/a/” is reached, if both tubes are of comparable length (14, 15). In addition each cross sectional tube was 
realized with a wide (i.e., no) and with a narrow laryngeal tube. These 8 cases used in the simulation 
experiment are subsumed in table 1. The self-oscillating glottis model is not used in this simulation study.   

 
Table 1 – Simulation cases for each model (model 1 without source-filter interaction and model 2 including 

source-filter interaction) 

case lung pressure vocal tract shape laryngeal tube 

1 low (speech) schwa wide 

2 low (speech) schwa narrow 

3 low (speech) /a/ wide 

4 low (speech) /a/ narrow 

5 high (singing) schwa wide 

6 high (singing) schwa narrow 

7 high (singing) /a/ wide 

8 high (singing) /a/ narrow 

 
 
 
 
 
 
 
 

 

 

 

 

 

 

 
 
 
Figure 2 – The area function for schwa vowel (vocal tract tube with constant cross-sectional shape of 3 cm2, red) 
and for the technical /a/-vowel (blue) with wide (top) and with narrow laryngeal extra-tube (bottom). The nasal 
tract is not coupled. All vowel productions are non-nasalized.  
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Figure 3 shows typical results for simulations using no source-filter interaction (model 1) and full 
acoustic-aerodynamic source-filter interaction (model 2). It can be seen that source-filter interaction leads 
to a modification of glottal flow, which can be found in a pronounced way in the first time derivative of 
glottal flow. This acoustic-aerodynamic interaction causes a formant ripple, i.e., an additional ripple in the 
time signal caused by the pressure and flow variations of the vocal tract which result from the vocal tract 
resonances (4, 5, 6). We can clearly see that the ripple occurring during the opening phase of the glottal 
cycle is in a frequency region of about 1000 Hz to 1500 Hz which covers the region of the second formant 
in case of the /a/.  

 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 3 – Time signals for glottal flow ug and its time derivative ug’ in a model without (model 1, top: a) and 
with source-filter interaction (model 2, bottom: b) for vowel /a/ and pulmonary pressure PP = 1200 Pa. In case of 
model 2 the glottal area function is plotted in addition to flow and time derivative of flow. The time axis is 50 
msec and thus 5 glottal cycles are given (F0 = 100 Hz). 

 

3. RESULTS  
The analysis of the 8 spectra for the 8 simulations displayed in Fig. 4 reveals that in the case of no 

source-filter interaction (model 1) a fourth formant occurs in the case of narrow larynx-pharynx tube which 
replaces the fourth and fifth formant in the case of wide larynx-pharynx tube and the mean amplitude 
between 2 kHz and 5 kHz is a little increased by about 5 dB. This holds for speech and singing in the case 
of the simulation of the schwa vowel while no such increase in is observed in the case of simulation of the 
vowel /a/.     

Analyzing the 8 spectra for the 8 simulations displayed in Fig. 5 we can see that in this case of 
acoustic-aerodynamic source-filter interaction (model 2) a strong increase in amplitude occurs within the 
frequency region of 2 kHz to 5 kHz in both cases, i.e. in case of schwa-vowel as well as in the case of 
vowel /a/. Thus, the occurring narrow laryngeal tube together with an occurring source-filter interaction 
seems to increase the mean amplitude in this frequency range by about 15 dB to 20 dB for speech and 
singing. In the case of the schwa vowel two formants replace the fourth formant in case of existence of the 
narrow laryngeal cavity while in case of /a/ vowel not such a clear situation can be observed. Here no extra 
formant occurs but a strong increase in amplitude in the frequency region between 2 kHz and 5 k Hz occurs 
as well.    
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Figure 4: Spectra for schwa- and /a/-vowel and both laryngeal tube sizes using the model without 
acoustic-aerodynamic interaction (model1) for speech (a: PP = 600 Pa) and singing (b: Pa = 1200 Pa) (cases 1 to 
8 in table 1). Frequency scale: 0 to 5 kHz; relative amplitude scale covers a range of 80 dB.     
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Figure 5: Spectra for schwa- and /a/-vowel and both laryngeal tube sizes using the model with 
acoustic-aerodynamic interaction (model 2) for speech (a: PP = 600 Pa) and singing (b: psub = 1200 Pa) (cases 1 
to 8 in table 1). Frequency scale: 0 to 5 kHz; relative amplitude scale covers a range of 80 dB.     
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4. DISCUSSION  
No clear effect can be found for the modification of formants by changing from a wide to a narrow 

larynx-pharynx tube in case of low subglottal pressure and in the case of a simple articulatory-acoustic 
model which does not include acoustic-aerodynamic source-filter interaction. Thus, the change of formant 
intensity in the region of 2 kHz to 5 kHz mainly depends on the model used, i.e. whether the model with or 
without source-filter interaction is used. The intensity in this region increases by 15 dB to 20 dB in case of 
source-filter interaction (model 2) while it increases in maximum by 5 dB in case of no source-filter 
interaction (model 1). Furthermore the change of pulmonary pressure from 600 Pa (normal pulmonary 
pressure as occurs during speaking) to 1200 Pa (high pulmonary pressure as may occur e.g. in opera 
singing) has no strong effect on increase in intensity within the singer’s formant frequency region in case of 
no source-filter interaction. But in the case of source-filter interaction this leads to a small effect, i.e., to an 
increase of 5 dB in that frequency range.    

Thus this simulation study illustrates that source-filter interaction has a considerable effect on 
establishing a singer’s formant in combination with the occurrence of a narrow laryngeal tube. But it is not 
clear whether this effect is caused by the clearly visible effect of formant ripple in the opening phase of the 
glottal cycle (Fig. 3) or by other effects resulting from acoustic-aerodynamic source-filter interaction. Thus 
it should be checked whether the source-filter interaction effect influences the closing phase parameters of 
glottal flow, i.e. the parameters Ee, Td and Ta in terms of the LF-model (16, 17). More simulations and 
analyses of simulated as well as of natural data are needed in order to confirm or reject this hypothesis.   

5. CONCLUSIONS AND FURTHER WORK 
It can be concluded that the occurrence of source-filter interaction beside insertion of a narrow laryngeal 

extra tube initiates the effect on increase in intensity of about 15 dB in the frequency region of the singer’s 
formant. But no clear or rule-based effect can be observed for a shift of formants or an insertion of an extra 
formant in the case of an insertion of the laryngeal narrow tube on the basis of our simulation experiments. 
Like in other studies here a clear separation of cross sectional area of the laryngeal tube (narrow tube) and 
the further pharyngeal tube (wide tube, wide sinus Morgagni, see Sundberg (1, 2) and Sundberg et al. (3)) 
needs to occur within the area function of the vocal tract and thus the articulatory maneuvers which initiate 
such an occurrence of a narrow laryngeal extra tube need to be discovered and learned by singers. This may 
be the reason why only trained opera singers are capable of producing the singer’s formant.  

The effects speculated on in this paper need a further and more detailed investigation. It is necessary to 
check the increase in intensity in the frequency range of the singer’s formant by doing simulations with 
more vocal tract shapes (more vocalic configurations beside schwa- and /a/-sound) as well as to check the 
effects ad different F0. The simulations introduced here are done only on schwa vowel and technical /a/ 
vowel at fundamental frequency F0 = 100 Hz. Thus a lot of combinations of F0 values with different vocal 
tract shapes should be checked in further studies in order to evaluate the effect of source-filter interaction 
and of insertion of a narrow laryngeal tube section in more detail. 
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ABSTRACT 
The purpose of this study is to clarify the influence of visual information on subjective impression for 

room sound field. Authors have carried out subjective experiments on it using room impulse response 
signal as auditory stimulus and interior panorama picture as visual stimulus, and found that 
reverberance/clarity for room sound field is affected by information sensible from room volume, 
dimensions, geometry or finishing etc. And then in this report, experiments about visual effect on spatial 
impression (ASW and LEV) in auditorium were conducted to clarify the influence of room volume, size or 
geometry on them. Auditory stimuli were made in anechoic chamber by binaural microphone recording 
under the conditions that directions of early reflections and late reverberation were varied, and were 
presented to subjects through headphone. Visual stimuli were made of panorama pictures captured around 
room interior and were presented by Head Mounted Display (HMD). ASW and LEV were measured under 
single-mode or multi-mode presentation of visual /auditory stimuli, and mutual effect of visual and auditory 
sense were examined in architectural space. 
 
Keywords: spatial impression, ASW, LEV, audio-visual multimodal effect 

1. INTRODUCTION 
It is well known that auditory impression for room acoustics is influenced by visual information and we 

have been studying on audio-visual mutual effect in architectural space, by interior and room acoustics. In 
previous paper, subjective experiments about the visual effect on Reverberance with interior panorama 
pictures and impulse response signal as audio and visual stimuli were carried out [1,2]. Then existence of 
visual effects on Reverberance and conditions of manifestation were clarified. And in this paper, next 
subjective experiments were carried out to clarify the influence of visual information on "spatial 
impression" experienced in music spaces. “Spatial impression” is one of the most important experience in 
music space like concert hall. Auditory phenomena in terms of spatial impression are classified into three 
types: Auditory Source Width (ASW), Listener Envelopment (LEV), and the size of the room that forms 
the sound field [3]. In this report, subjective evaluation experiments were performed in regard to ASW and 
LEV using interior panorama images and virtual sound fields of architectural spaces, then the influence of 
visual information was analyzed. 

2. SPACIOUSNESS 
ASW is defined as "the width of a sound image fused temporally and spatially with the direct sound 

image". ASW is influenced by sound pressure level, frequency and arrival direction of early 
reflections, then interaural cross-correlation coefficient (IACC) or early lateral energy fraction (LF) 
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is an objective index of ASW. It is considered that ASW becomes larger as IACC becomes smaller or 
as LF becomes larger [4]. The equation of LF is defined as follows [5] . 

𝐿𝐹 = ∫ %&(() *+,-.(/./1
/.//2

∫ %&(()/./1
/ .(

                (1) 

(p(t): sound pressure at receiver position, t: time after direct sound arrival, f: azimuth of reflection incidence) 
LEV is defined as " the degree of fullness of sound images around the listener, excluding a sound image 

composing ASW". Morimoto et al. reported that LEV is influenced by arrival direction of late reflections 
and their sound pressure level, then defined front/back energy ratio (FBR) as an index shown in the 
following equation [6]. 

        FBR=10log34
35
							[dB]         (2) 

(Ef  : energy of reflections arriving from front, Eb : energy of reflections arriving from back) 

3. OUTLINE OF EXPERIENT 
In this report, experiments on ASW and LEV were conducted as different series, and further two steps (I 

and II) are included respectively. At step I, stimuli were evaluated subjectively by paired comparison while 
at step II, by rating scale method. We call these 2 series x 2 parts of experiments "Ex. ASWI", "Ex. ASWII", 
"Ex.LEVI" and "Ex.LEVII". 

3.1 Experimental stimulus 
 
 
 
 
 
 
 
 
 
 
 

Figure 1. Interior of space A                    Figure 2. Interior of space B  
Table 1. Properties of spaces targeted in experiments 

Space Use Volume［m8］ Seat Capacity T30 [s] C80 [dB] 

A university auditorium (multi use） 12000 1650 1.4 1.0 

B town hall (multi use) 5200 604 1.8 -1.1 
 
Figure 1 and 2 show the interior images of architectural spaces targeted in these experiments and their 

properties are shown in Table 1. The panorama VR images of these spaces used as visual stimuli were 
created by composing 3 photographs captured from 3 directions of the real space through fisheye lens. 
The method of creating auditory stimulus is as follows. The impulse response measured in real space was 

decomposed into 3 parts, direct, early reflected and reverberant sound. Then these 3 parts of sound were 
reproduced from different loudspeakers installed in the anechoic chamber. The location of loudspeakers 
radiating early reflections or reverberant sound was altered so that IACC/LF/FBR of the sound field could 
change. Reproduced impulse response signals were binaurally recorded as new ones i.e. auditory stimuli 
which are different in reflected sound structure and used in experiment. 

Table 2. Name and IACC/LF value of auditory stimulus (Ex.ASW) 
Azimuth 

[°] 0 30 60 75 90 

Space Name IACC LF Name IACC LF Name IACC LF Name IACC LF Name IACC LF 

A a0 0.94 0 a30 0.60 0.38 a60 0.57 0.69 a75 0.55 0.73 a90 0.50 0.63 

B b0 0.93 0 b30 0.73 0.41 b60 0.66 0.69 b75 0.67 0.80 b90 0.68 0.78 

4563



 

 

Table 3. Name and FBR value of auditory stimulus (Ex.LEV) 
Azimuth 

[°] 0 60 90 120 150 

Space Name FBR Name FBR Name FBR Name FBR Name FBR 

A c0 67.2 c60 67.2 c90 63.2 c120 -1.8 c150 -1.8 

B d0 69.5 d60 69.5 d90 66.7 d120 0.4 d150 0.4 

 

       
 

 

 
For Ex.ASW, as the arrangement of loudspeaker is shown in Figure 3, the direct sound (arriving from 0 to 

10 ms) and reverberation (after 80 ms) was reproduced from loudspeaker 1, the first early reflection sound 
(10 ~ 45 ms) from loudspeaker 2, and the second early reflection (45 ~ 80ms) from loudspeaker 3 basically. 
Loudspeaker 1 was fixed in front of recorder, while loudspeaker 2 and 3 were placed laterally and 
symmetrically in the same radius. The height of loudspeakers was adjusted to the position of the recorder's 
ear. The azimuth of loudspeaker 2 and 3 were set to one of 30°, 60°, 75° and 90°. In the case of early 
reflections from 0° direction, all the signals were reproduced through loudspeaker 1. The name and 
IACC/LF values of auditory stimuli used in Ex.ASW were shown in Table 2. 
The arrangement of loudspeakers in creating auditory stimulus for Ex.LEV shown in Figure 4. Direct 

sound and early reflections were reproduced through 3 fixed frontal loudspeakers (direct sound: azimuth 0°, 
early reflections: azimuth 30°), while late reverberation was reproduced through loudspeakers moving from 
side to back, and the direction azimuth of late reverberation arrival to the recorder was altered to one of 
0°,60°, 90°, 120° and 150° (reverberation was reproduced through fixed frontal loudspeaker in case of 0°). 
Actually, in experiment, auditory stimulus was provided to subject in the form of convoluted music with 

the recorded impulse response. Dry source of music is "Water Music" composed by Handel [7]. 

3.2 Experimental method 
The number of subjects were 10 or 11 by experiment. In both experiments, the subject wears a 

head-mounted display (HMD) and headphones standing upright in the laboratory. Both experiments 
included two steps, step I (paired comparison) and step II (rating scale method). In paired comparison, a 
subject was asked to answer orally which is larger in ASW or LEV out of stimuli pair. In rating scale 
method, a subject was asked to answer orally the number of 7 step scale category in ASW or LEV for the 
stimulus. Stimuli were presented to subjects in 2 modes, auditory stimulus only (single-mode) and 
combination of audio-visual stimuli (multi-mode).  
The visual stimuli are panorama images of space A and B. The auditory stimuli used in Ex.ASWI were a0, 

a30, a90, b0, b30 and b90, while all the ax and bx were used in Ex.ASWII. In Ex.LEVI auditory stimuli of c0, c90, 
c150, d0, d90 and d150 , while all the cx and dx were used in Ex.LEVII. 
 
 

Figure 3. Loudspeaker arrangement in 
creating auditory stimulus (Ex.ASW) 

Figure 4. Loudspeaker arrangement in 
creating auditory stimulus (Ex.LEV) 
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Table 4. Used stimuli and number of trials 

Experiment Single-mode Multi-mode Total Num. Num. Stimuli Num. Stimuli 
Ex.ASWI 
(paired comparison) 6 a0, a30, a90,  

b0, b30 b90 6 A-a0, A-a30, A-a90, 
B-b0, B-b30, B-b90 6+6C2 =66 

Ex.ASWII 
(rating scale method) 10 a0, a30, a60, a75, a90,  

b0, b30, b60, b75, b90 
10 A-a0, A-a30, A-a60, A-a75, A-a90, 

B-b0, B-b30, B-b60, B-b75, B-b90 
10+10=20 

Ex.LEVI 
(paired comparison) 6 c0, c90, c150,  

d0, d90, d150 6 A-c0, A-c90, A-c150, 
B-d0, B-d90, B-d150 6+6C2 =66 

Ex.LEVII 
(rating scale method) 10 c0, c60, c90, c120, c150,  

d0, d60, d90, d120, d150 10 A-c0, A-c60, A-c90, A-c120, A-c150, 
B-d0, B-d60, B-d90, B-d12, B-d150 10+10=20 

 
In multi-mode stimulation, these auditory and visual stimuli are randomly combined and simultaneously 

presented to subjects. The numbers of trials are summarized in Table 4. 
 

Table 5. Subjective evaluation item (Ex.ASWⅡ)    Table 6. Subjective evaluation item (Ex.LEVⅡ) 
Apparent Source Width 

Answer 0 1 2 3 4 5 6 

Meaning Small <-------------------> Large 
 
In rating scale method (step 2 of each experiment), the subjective evaluation items are shown in Table 5 

and 6. In Ex.LEVII, subjects were asked to answer the direction of arrival of the reverberant sound 
additionally. 

4. EXPERIENTAL RESULT 

4.1 Result of Ex.ASW 

 

Figure 5. Relative distances of ASW in Ex.ASWI  
The relative distances between the stimuli are 

calculated from the evaluation values measured in 
Ex.ASWI on the assumption of Thurstone’s case V. 
The evaluation for all auditory stimuli in both 
space and both modes are shown on a number line 
as relative distances in Figure 5. In this figure, 
ASW for b0 in single-mode is the smallest, and 
ASW for b90 in multi-mode is the largest. In Figure 
6, the points corresponding to stimuli are plotted 
with single-mode value on the horizontal axis and 
multi-mode value on the vertical axis. In this 
figure, all the points for space B are located above 
the diagonal line, which means that ASW in 
multi-mode is higher than single-mode. On the 
other hand, the points for space A are located 
almost in parallel with the diagonal line, which 
means that ASW in single-mode and multi-mode 
are evaluated to the same extent. 

Envelopment 

Answer  0 1 2 3 4 5 6 

Meaning Small <-------------------> Large 
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Figure 7. Relationship of ASW and IACC     Figure 8. Relationship of ASW and LF 
Figure 7 shows the relationship between the relative distance of ASW and IACC for all stimuli, and 

Figure 8 shows the relationship with LF. The relative distance of ASW decreases as IACC increases 
almost linearly, while it increases slightly logarithmically with LF. The ASW for a30 was larger than a90 
which is expected to be larger than a30 from IACC or LF. The reason why the ASW of a30 was higher 
than other stimuli cannot specified. 

 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
The results of Ex.ASWII are shown in Figure 9 and 10. Figure 9 shows the averages and standard 

deviations of ASW for auditory stimuli in space A, and Figure 10 shows them in space B with the arrival 
direction of the early reflections. Unlike the results of Ex.ASWI, the fluctuation of the average ASW by 
stimuli is small overall. In Ex.ASWI, it was easy for the subjects to judge because of relative comparison 
between the stimuli, whereas in Ex.ASWII it might be a little hard for subjects to judge the absolute 
evaluation for a stimulus without reference, then variance of ASW came to be large, and large standard 
deviation in these figures.  
Figure 9 shows that ASW for space A tends to draw a mountain shape which has maximum at 60° in 

single-mode and 75° in multi-mode. There is statistical significance in the change of ASW with respect to 
the azimuth of early reflection arrival by ANOVA. Except for 30° and 60°, the average ASW in multi-mode 
exceeded those in single-mode, but there was no significant difference between the two average ASW at 
any arrival direction.  
In Figure 10, ASW for space B tends to increase as the azimuth of early reflection arrival in single-mode, 

but in multi-mode, it is almost constant regardless of the arrival direction. The average ASW in multi-mode 
were higher than that in single-mode for all arrival directions except 90°. However, there was no significant 
difference between the two average values except at the azimuth 0°. Furthermore, in both modes, there was 
no significance in the change of average ASW with the arrival direction by ANOVA.  
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Figure 11 shows the change of ASW 
difference between in multi-mode and 
single-mode with arrival direction of 
early reflection. Most of the values 
plotted in the figure are located above 
0, indicating that the evaluation in 
multi-mode is larger than that in 
single-mode on the whole. In addition, 
in terms of difference from 0, 
statistical significance is detected at 
azimuth 0° and 30° for space A and at 
0° for space B. And the ASW 
difference for space B between modes 
tends to decrease as the azimuth 
increases. 

 
 

 

4.2 Results of Ex.LEV 

 
 

 

 

 

 

 

 

 

 

 

 

 

 
Similar to Ex.ASWI, the relative distances of LEV between the stimuli are calculated from the evaluation 

values measured by the experiment Ex.LEVI on the assumption of Thurstone’s case V, and are shown in 
Figure 12. In this figure, the LEV for d150 in multi-mode is maximum, and minimum for d0 in single-mode. 
Also, there are significant differences between average LEV in multi-mode and single-mode at d0 and d150. 
The distribution of LEV is larger for space B than space A. 
The change of relative distance with azimuth of reverberation arrival is shown in Figure 13. And Figure 

14 shows LEV change with FBR. LEV for space A is maximum at c90 in both multi- and single-mode, 
whereas LEV for space B is maximum at d150, i.e. it becomes larger with the azimuth of reverberation 
arrival in both modes. The cause of the former is considered that contrary to the setting of the experiment, 
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Figure 14. Relationship between relative 
distance of LEV and FBR 
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the listening level of the auditory stimulus c90 was larger than other stimuli. In Ex.LEVII, this point was 
corrected and the listening level of auditory stimuli was confirmed to be equal again. For every auditory 
stimulus, LEV in multi-mode is larger than single-mode for both space A and B. 

  
Figure 15 shows the LEV change with azimuth of 

reverberation arrival using the rating scale method 
in Ex.LEVII. In both spaces A and B, the LEV is 
maximum when the azimuth of reverberation 
arrival is 60° in multi-mode; LEV for the auditory 
stimulus in which reverberation comes from slight 
front tends to increase in multi-mode. On the other 
hand, in single-mode, LEV for the auditory stimuli 
with azimuth of 120° is the largest for space B; 
LEV for the auditory stimuli in which reverberation 
comes from side or a little back tends to increase. 
For space A, there is little fluctuation of LEV with 
azimuth.  
Only a significant difference of LEV for space A 

between multi- and single-mode was detected with 
respect to the auditory stimulus c60 whose azimuth 
of reverberation arrival is 60°. We suppose that 
azimuth 60° could happen to be the condition at 

which audiovisual audio-visual integration occurred, and the expected LEV from the visual stimulus might 
be close to the perceived LEV from the auditory stimulus. We also suppose that since the expected LEV by 
the visual stimulus was larger than the auditory perceived LEV, the effect of bringing the latter closer to the 
former could increase perceived LEV at the condition.  
On the other hand, for the auditory stimulus d120 for space B, we suppose that there also audiovisual 

integration could occur, and the spread of expected LEV from the visual stimulus might be smaller than the 
auditory perceived LEV, then the effect of bringing the latter closer to the former could decrease perceived 
LEV. 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
Total results of Ex.LEVII seems to be unclear and the cause could be considered individuality of subjects. 

Then cluster analysis was carried out, and 10 subjects were classified into two groups of eight (group1) and 
three (group2). Figure 16 shows the comparison of LEV change among groups for scape A. For group1, 
LEV changes largely according to the azimuth of reverberation arrival and have a peak value at d120, while 
LEV change for group2 is flat, but only LEV at c60 is larger than others in multi-mode. In both groups, there 
is no significant difference between modes except at c60 for group1. Figure 17 shows the comparison of 
LEV change among groups for scape B. For group1, LEV changes largely according to the azimuth of 
reverberation and have a peak value at d60 in multi-mode, at d90 in single-mode. LEV change for group2 is 
flat and there is no significant difference between modes for group2. 
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Figure 17. Comparison of results for two 
groups (space B) 
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In Ex.LEVII, the subjects were also asked to 
answer the arrival direction of the perceived 
reverberation for each stimulus. Figure 18 shows 
the results of the selection rate of the arrival 
direction of reverberation (front or back) 
perceived by the subject. In both spaces, at 0° and 
150° of the arrival directions of reverberation, 
there were differences in selection rate between 
multi- and single-mode. In multi-mode, auditory 
stimuli whose reverberation comes from 0° are 
perceived as coming from the front (correctly) by 
most of subjects, whereas in single-mode they are 
perceived by almost a half of subjects as coming 
from the rear (mistakenly). At 150° almost the 
same was seen, and the direction of reverberation 
arrival tends to be correctly perceived in 
multi-mode compared with single-mode. 
The reason why almost a half of subjects 

perceived mistakenly in single-mode is supposed as follows. Since the auditory stimulus was created by 
binaural recording and presented to subjects through headphone, some subjects have different sound 
images from others due to the difference in the shape of outer ear in single-mode, but in the multi-mode, 
the error of the sound image position could be revised correctly by visual information. In order to avoid 
such problems of sound image localization, we plan to try to present auditory stimuli by loudspeakers in 
future experiments. 

5. SUMMARY 
・ In this paper, ASW was generally evaluated higher in multi-mode presentation than single-mode, and 

the influence of visual information on auditory spatial impression was recognized. 
・ Also, LEV has the tendency to be evaluated higher by the addition of visual information, and the 

influence of visual information on LEV was recognized. 
・ By adding visual information, the judgment of the arrival direction of reflections and reverberation 

could change and then spatial impression could change. 
・ It is supposed that when the spatial impression expected from the visual stimuli is approximated to 

that perceived from the auditory stimulus, audio-visual integration could occur, and the spatial 
impression could shift closer to the visual impression. 

・ In future experiments, it is necessary to review the method of subjective evaluation and 
creating/presenting auditory stimuli. 
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ABSTRACT 
The purpose of this study is to clarify the influence of visual information on subjective impression for 

room sound field. Authors have carried out subjective experiments on it using room impulse response 
signal as auditory stimulus and interior panorama picture as visual stimulus, and found that 
reverberance/clarity for room sound field is affected by information sensible from room volume, 
dimensions, geometry or finishing etc. Visual stimulus of interior panorama picture is projected on flat 
screen in these experiments, but visual experiences were not always same as those in real room. In this 
report, new experiments using head mounted display instead of flat screen in presenting visual stimulus 
were conducted. Results were compared with previous experiment of flat screen, and the presentation 
methods of visual stimuli were inspected. It was found that subjective dimensions for room were affected 
by reverberance of auditory impression in the new experiment unlike previous one. Influence of visual 
information was clarified in the close condition to reality. 
 
Keywords: Visual, Auditory, Mutual Effect, Cross-modality 

1. INTRODUCTION 
The purpose of this paper is to clarify the mutual effects of audio and visual impression in room 

interior and sound field. Authors have carried out subjective experiments using room impulse 
response signal through loudspeakers and interior panorama picture projected on a flat screen in 
anechoic chamber [1~4]. It is found that reverberance/clarity for room sound field is affected by 
visual information such as room volume, dimensions, geometry or finishing etc., whereas 
width/brightness/hardness etc. of room interior attribute seems to be little affected by auditory 
information such as reverberation time etc. Visual stimulus of interior panorama picture (QuickTime 
VR type) projected on flat screen was used in these experiments, but situations of visual experiences 
are different from real room to some extent. In this report, new experiments using Head Mounted 
Display (VR Headset, HMD) instead of flat screen in presenting visual stimulus were conducted. 
Results were compared with previous experiments, and the difference of presentation methods of 
visual stimuli were inspected. Then, all the results of experiments are compared and integrated, so 
that the properties of mutual effect of audio and visual in architectural room could be clarified again. 

2. SUBJECTIVE EXPERIMENT 
Subjective experiments about cross-modality in architectural space were carried out by audio-visual 

stimuli consisted of internal panorama pictures and impulse response sound of rooms. 
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2.1 Stimulus 
Table 1. Rooms and their acoustic properties (500Hz) 

Name Type/Attribute Volume [m3] Rev. Time (T30) [s] Clarity (C80) [dB] 
Cl Class Room 750 0.74 9.2 
Ha Hall 12000 1.45 0.1 
Gy Gymnasium 6000 3.29 3.2 

 
 
 
 
 
 
 
 

Figure 1. Room “Cl”    Figure 2. Room “Ha”   Figure 3. Room “Gy” 
 

Visual stimuli were made from panorama internal pictures taken from 3 rooms listed in Table 1. 
Overview pictures of room interiors are shown as Figure 1-3.  

Table 2. Reverberation Times of auditory stimuli [s] (500Hz) 
Stimuli 
Name 

subscript 

1 2 3 4 5 6 
cl 0.23 0.74 1.21 1.76 2.25 2.74 
ha 0.62 0.95 1.47 1.92 2.41 2.85 
gy 0.78 1.34 1.82 2.28 3.33 4.78 

*Gray cell means original (actual) reverberation time of the room. 
Models of sound files were made by Digital Signal Processor (DSP) to approximate to impulse 

responses measured in these 3 rooms, then auditory stimuli were made from these models and 
modified in reverberation times by DSP operation. Reverberation times of auditory stimuli were 
listed in Table 2. 

In experiment, these auditory and visual stimuli were provided to subjects separately (in 
single-mode) or combinedly (in multi-mode). And visual stimuli were presented to subjects through 
screen projection or HMD in which they could look around internal of room. Auditory stimuli were 
presented to subjects through headphone or loudspeaker in anechoic chamber and they could hear the 
room response. 

2.2 Method 
Table 3. Presentation Method including previous experiment 

Method Visual stimuli Auditory stimuli 

SL* 
Screen projection 

Loudspeaker in anechoic chamber 

SH Headphone 

VL Head Mount Display 
(VR Headset) 

Loudspeaker in anechoic chamber 

VH Headphone 

RH (Real Space) Headphone 

 
Subjects were presented with stimuli in 4 modes (audio/visual x single/multi) per each method. 

Including previous experiments, all the methods of presentation are shown in Table 3. The situations 
of experiments VH, SL and VL are shown in Figure 4, 5 and 6. The results of experiments by 
presentation method SL had been previously reported [1~4], then in this report the results of SH, VL, 
VH, and RH are described in addition to those of SL. (RH means that subjects evaluate in real space 
with headphone.) The number of subjects were 10. Subjects were asked to answer rating in 7 scales 
(-3, -2, -1, 0, +1, +2, +3) for every stimulus in evaluation items listed in Table 4. Subjective 
impressions of all experiments were compared in terms of difference between methods and modes.  

*reported in previous paper [1~4] 

Figure 4. HMD with Headphone 
(Method “VH”) 
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Figure 5. Presentation Method “SL”              Figure 6. Presentation Method “VL” 
 

Table 4. Subjective evaluation Items 
Mode Item -3 <-----------Adjective----------> +3 
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l (
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l (

Si
ng

le
) 

Brightness Dark … Bright 
Warmth Cold … Warm 
Width Narrow … Wide 
Dimension 2-dimensional … 3-dimensional 
Familiarity Strange … Familiar 
Complexity Simple … Complex 
Ceiling Height  Low … High 
Hardness Soft … Hard 

A
ud

io
 

(s
in

gl
e)

 Length of Reverberation Short … Long 
Fullness of Reverberation Poor … Full 
Clarity of Acoustics Dim … Clear 

 

3. RESULTS AND DISCUSSIONS 

3.1 Auditory impression 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 

Figure 7. “Length of Reverberation” (Ha)          Figure 8. “Clarity of Acoustics” (Ha) 
 
Subjective evaluations about auditory impression in different methods and modes for the same 

stimulus are compared.  
Figure 7 and 8 show the results of “Length of Reverberation”/ “Clarity of Acoustics” for space 

“Ha”. In Figure 7, at any methods, average subjective impression, “Length of Reverberation” tends 
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to increase with reverberation time of stimulus. Impression for auditory stimuli by loudspeaker 
reproduction in audio single-mode at short reverberation time are a little higher than other methods, 
but there is no significant difference of impression for the same stimulus between methods. Expected 
impression from visual stimulus only (visual single-mode S) is about 1.6 corresponding to 
reverberation time 2.0. In Figure 8, as a whole, auditory impressions “Clarity of Acoustics” seem to 
decrease with reverberation times of auditory stimuli, but in method VL and SL in multi-mode, and 
method L in audio single-mode, auditory impressions behave regardless of reverberation times. It 
seems to be difficult for subjects to judge Clarity by listening impulse response signals radiated from 
loudspeaker in this experiment and subjective responses were scattered. With regard to SH, Clarity is 
maximum at near reverberation time 2.0s, but the reason cannot be explained. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 9. “Length of Reverberation” (Cl)        Figure 10. “Length of Reverberation” (Gy) 
 
Figure 9 and 10 show the results of “Length of Reverberation” for room “Cl” and “Gy”. In Figure 9, 

at any methods, auditory impression tends to increase with reverberation time and there is no 
significant difference of impression for the same stimulus between methods except for method RH 
(real room with headphone), in which impressions for auditory stimuli at reverberation times longer 
than 1.5s are higher than other method. Expected impression from visual stimulus (visual 
single-mode S) is about 0.2 corresponding to reverberation time 1.2s, that is fairly longer than actual 
reverberation time. In Figure 10, similarly to Figure 9, t any methods, auditory impression tends to 
increase with reverberation time and there is no significant difference of impression between 
methods. Expected impression from visual stimulus is about 2.5 corresponding to reverberation time 
3.3s over, that corresponds to actual reverberation time on the whole. 

3.2 Visual impression 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 11. “Width” (Ha)                      Figure 12. “Hardness” (Ha) 
 

Figure 11 shows the result of “Width” and Figure 12 shows the result of “Hardness” for space “Ha”. 
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In Figure 11, visual impression about width of room increased with reverberation time of auditory 
stimulus in all the method of experiment except for SL. There is no significant difference between 
modes for the same auditory stimulus. “Width” by method SL changes little and is almost constant 
near the visual single-mode values regardless of reverberation time. It is supposed that when visual 
information is provided on screen and auditory information is provided by loudspeaker, audio-visual 
integration about room dimension would not occur and visual impression of width might not be 
influenced by auditory impression. In Figure 12, “Hardness” is also influenced by auditory 
information and tends to decrease with reverberation time. There is no significant difference between 
modes for the same auditory stimulus. As a whole, “Hardness” in visual single-mode is lower than 
multi-mode. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 13. “Width” (Cl)                     Figure 14. “Width” (Gy) 
 

Figure 13 shows the result of “Width” for space “Cl” and Figure 14 for space “Gy”. Like Figure 11, 
visual impression about width of room increased with reverberation time in all the method of 
experiment except for SL. Width by method SL changes little and is almost constant near the visual 
single-mode values regardless of reverberation time. 

3.3 Difference between multi-mode and single-mode values 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Differences of impression between multi- and single-mode values are shown in Figure 15-18. In 
these figures, vertical axis means impression level in multi-mode relative to single-mode, and 
negative value means that multi-mode value is smaller than single-mode. In room “Ha” and “Gy”, 
which have large volume, most of plotted points for auditory impression “Length of Reverberation” 
have negative values at most methods and stimuli. It is supposed that auditory image came to have a 
kind of boundary limitation by being provided with concrete internal image of visual stimuli in 
multi-mode, while auditory image could spread widely as free space without boundary in 
single-mode regardless of reverberation time. In small room “Cl”, plotted points are located around 
neutral level and auditory impression seems to be little influenced by visual information except for 
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stimulus cl3 at RH-H. In this room, a short reverberation times auditory impression has consistency 
with visual information but points shift a little in positive or negative direction in a range of 
audio-visual integration. The reason why the evaluation for cl3 in multi-mode (real room and 
headphone presentation) shift largely to negative area cannot be explained. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
In Figure 18, visual impression of “Width” is clearly influenced by auditory information; 

reverberation times, and in room “Ha” impression shift in negative direction largely especially at 
short reverberation times except for SL-L. It seems that at long reverberation times over 2.0s, which 
is longer than actual room, visual impression has consistency with auditory information. In SL-L, the 
difference of impression almost constant at a little negative value for all reverberation times. It is 
possible that in that case subjects cannot integrate visual and audio information, and the combination 
of presentation methods, screen projection and loudspeaker production, which has been previously 
used in our experiments, might be unsuitable in our studies. 

4. CONCLUSIONS 
l In subjective experiments about audio and visual cross-modality, screen projection and HMD, 

loudspeaker and headphone were cross-combinedly used as methods of stimulus presentation 
and the results were compared. 

l Almost all the methods of experiment behave similarly for the same stimuli except for the 
method SL; screen projection and loudspeaker reproduction combination multi-mode. 

l It is confirmed that auditory impression in terms of reverberance is influenced by visual 
information by other methods of stimuli presentation than previous method. 

l The method SL showed the different behavior from other methods for visual impressions 
“Width”, and visual impression seems to be little influenced by auditory stimuli. It is 
supposed to be unsuitable in our studies. 
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ABSTRACT 
The closely located four-point microphone method was proposed by Yamasaki in 1989. The method can 
grasp the spatial and temporal structures of sound reflections by estimating an image source distribution from 
four measured impulse responses. In recent years, mixed reality (MR) technology has rapidly developed and 
is now more familiar. Many sensors, display devices, and ICT technologies have been implemented in MR 
equipment, which enable interaction between real and virtual worlds. We proposed a MR display system for 
image source distributions and directivity patterns of sound reflections, which are obtained by the closely 
located four-point microphone method. In this paper, we propose a MR display system for some image 
source distributions measured at multiple measurement points. By moving in the room, the user can view the 
image source distribution in the room adjusting to the user’s view point simultaneously. MR display enable 
us to observe the spatial and temporal structures of sound reflections in the room while maintaining a 
relationship between the positional information of the real room and the data, even when user moves around 
the room. 
 
Keywords: Closely located four-point microphone method, Mixed reality, Architectural acoustics 

1. INTRODUCTION 
There are various ways to measure sound positions or grasp the spatial and temporal structures of 

sound reflections. Sound field visualization is an effective technique to understand spatial sound 
information. For example, in previous research, acoustical holography [1, 2], beam-forming [3, 4], and 
optical methods [5-14] have been proposed and studied. 

One of the visualization methods, the closely located four-point microphone method, was proposed 
by Yamasaki in 1989 [15]. The method constructs an image source distribution from four impulse 
responses measured by using four microphones that are not coplanar and by using a short-time 
correlation technique. The image source distribution represents the spatial and temporal structures of 
sound reflections. 

On the other hand, the HoloLens, a head mounted display developed by Microsoft, is realized by 
mixed reality (MR) technology in which real and virtual spaces interact with each other as if the real 
and virtual worlds were merged. Its applications are receiving increases worldwide attention. By 
taking advantage of MR technology, visualization methods of three-dimensional sound intensity maps 
with an optical see-through head mounted display (OSTHMD) were recently proposed [16-18]. 

In the previous papers, we proposed an MR display system for the image source distribution 
obtained by the closely located four-point microphone method [19]. We measured impulse responses 
only one point and display the image source distribution which can observe at any points. However, 
image sources depends on the measurement point. Thus it needs to change the displayed data when 
user translates. 

In this paper, we propose a MR display system which can display image source distribution measured at 
multiple measurement points. At first we measured impulse responses and calculate image source 

                                                        
1 tera-wata1129@fuji.waseda.jp 
2 kataoka8894@akane.waseda.jp 
3 yoikawa@waseda.jp 
4 yusuke.ikeda@mail.dendai.ac.jp 
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distributions at many points using closely located four-point microphone method. The system displays the 
image source distribution at user’s position while the user is moving in the room. Thus, the user can observe 
the spatial and temporal structures of sound reflections in the whole room while maintaining a relationship 
between the positional information of the real room and the data, and also can evaluate sound field at user’s 
position. 

2. METHOD 

2.1 Closely located four-point microphone method 
To grasp the spatial structures of sound fields, the closely located four-point microphone method 

constructs an image source distribution from four impulse responses measured by using four 
closely-located microphones that are not coplanar and by using a short-time correlation technique [15]. 
The method is briefly described in the following discussion. 

The distances ri,n between the i-th (𝑖 = 1, 2, 3, 4)  microphone and the n-th image source are 
represented by 

𝑟+,, = 𝐶𝑡+,,	, (1) 
where C is the speed of sound and ti,n is the arrival time from the n-th image source at the i-th 
microphone. When four microphones are located on the origin and three points at the same distances 
from the origin on the rectangular coordinate axis, the coordinates of the n-th image source are 
estimated by 

𝑋, =
𝑑2 + 𝑟4,,2 − 𝑟2,,2

2𝑑 	, 

𝑌, =
𝑑2 + 𝑟4,,2 − 𝑟7,,2

2𝑑 	, 

𝑍, =
𝑑2 + 𝑟4,,2 − 𝑟9,,2

2𝑑 	, 

(2) 

where d is the distance between microphones located on the origin and a rectangular coordinate axis. 
Therefore, if microphone distance d, arrival time ti,n, and the speed of sound C are known, positional 
information of the image sources can be estimated by using Eq. (2). The arrival time ti,n is estimated by 
a short-time correlation technique. 

As the result of closely located four-point microphone method, image source distribution can be 
displayed. Figure.1 shows a scaled sound image source distribution and its color reference. In 
displaying the image source distribution, the origin of the coordinates shows the sound-receiving point, 
the center of the sphere shows the coordinates of the image source, and the diameter of the spheres 
shows the energy of the image source. The arrival time from each image source to the receiving point 
is expressed by colors. 

 

 
Figure 1 – Image source distribution and its color reference. 
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2.2 Mixed reality technology and augmented reality marker 
In MR technology, the real and virtual worlds in visual information interact with each other as if 

these two worlds were merged. In this paper, we introduced MR technology by using Microsoft 
HoloLens as shown in Fig.2. HoloLens is a self-contained holographic computer with an OSTHMD 
and simultaneous localization and mapping (SLAM) techniques [20]. A HoloLens is a stereo 
transparent display that can overlay 3DCG on the real view. SLAM technology can obtain the viewing 
position, the direction of the user, and the shape of the room with a depth camera and image processing 
[21]. By using the spatial mesh of a real object’s shape, 3DCG objects can be occluded by the real 
objects as if the virtual object were in real space. The spatial mesh continues to be update and follows 
the observer’s translation and rotation. By continuing to change the 3DCG view on the basis of the 
spatial mesh and the user’s translation and rotation, 3DCG is appropriately overlaid on the view of the 
freely moving user. 

We use augmented reality (AR) marker as spatial marker. SLAM sensors attached to HoloLens 
continuously acquire the space shape of the room. When HoloLens recognizes the marker with SLAM 
sensors, marker’s position represents the reference point of measured room. 

In this paper, the proposed system was developed with Unity2018.3, which contains the Unity3D 
engine of Unity Technologies, and with Microsoft Visual Studio 2017 [22]. The signal processing of 
the proposed system was implemented by C# scripts. AR markers recognition were developed with 
Vuforia Augmented Reality SDK [23]. 
 

 
Figure 2 – Worn Microsoft HoloLens. 

2.3 The display system 
Figure 3 shows the display procedure of the proposed system. The system displays a 

three-dimensional image source distribution by using the HoloLens in the following steps. 
Step 1 Play time stretched pulse (TSP) signal and the impulse responses in the room are measured 

using closely located four-point microphones. On the other hand, microphone position is 
gotten with two AR markers and saved on HoloLens. 

Step 2 Four sound signals are convoluted with inversed TSP signal which is played in the room. 
Step 3 Four convoluted signals are calculated by closely located four-point microphone method. 

Coordinates of image source distribution are derived. 
Step 4 Coordinates are sent from PC to HoloLens by User Datagram Protocol (UDP). 
Step 5 In displaying the image source distribution, 3DCG spheres are placed at the positions of the 

image sources. 
Step 6 The arrival times of the image sources are divided into five categories and represented by 

colors for each category. 
Step 7 Change four-point microphones’ position and repeat Steps 1)-6). 
Step 8 Display each image source distribution at user’s position with fiducial marker. 

We used two AR markers to display image source distributions. One is as fiducial marker and the 
other is as microphone marker. The former one is set on the floor and is spatial reference. The latter 
one is set on four-point microphone and get relative coordinate between fiducial marker and four-point 
microphone. When the user worn HoloLens approaches to the measurement position, the proposed 
display system displays image source distribution at user’s point by using fiducial marker.  
 

4578



 

 

 
Figure 3 – Display procedure. First, the impulse responses in the room are measured using four 
microphones. On the other hand, the positions of fiducial marker and microphone marker are gotten. 
Second, image sources are estimated using the four-point microphone method to obtained the analysis 
results. Next, each image source is set as a sphere. Finally, the spheres are set on the fiducial marker 
and displayed on the HoloLens at measured point. 
 

3. EXPERIMENTS 

3.1 Measurement conditions and procedure 
We measured the impulse responses and estimated the image source distributions at multiple points 

in an ordinary meeting room at Waseda University. Table.1 shows the measurement conditions. A 
loudspeaker was located at a distance of 1.5 m from the floor and 2.0 m from the nearest front wall. The 
four-point microphone was located at a distance of 1.2 m from the floor. We measured 24 points as 
shown in Fig. 4. Fiducial marker was set under the loudspeaker, in other words, at a distance of 0.0 m 
from the floor and 2.0 m from the nearest front wall. And microphone marker was set on four-point 
microphone. 

We measured as per the following steps: 
1) A TSP signal was played by the loudspeaker via an audio interface and a power amplifier. 
2) The sound signals were recorded by four microphones with a PC via an audio interface. 
3) After calculation of the impulse responses, the image source distribution was obtained by using the 

closely located four-point microphone method. On the other hand, the microphone position was 
gotten with two AR markers and HoloLens. 

4) Change four-point microphone’s position and repeat steps 1)-3). 
5) After impulse responses were measured, each image source distribution at user’s position was 

displayed on HoloLens. 
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Table 1 – Measurement conditions. 

Measured room 
59-04-15 Meeting room, Nishi-Waseda 

campus, Waseda University 

Equipment 

Opposed loudspeaker (Fostex FE204) 

Power amplifier (YAMAHA P4050) 

Audio interface (MOTU 8M) 

Microsoft HoloLens 

MacBook Pro (2.9GHz Intel Core i5, 

8GB, 1600MHz DDR3) 

Four microphones (AUDIX TM1) 

AR markers (fiducial marker and 

microphone marker) 

Distance between microphones [cm] 5.0 

Measurement signal Time stretched pulse 

Sampling frequency [Hz] 48000 

Interpolation for calculation 16 

 

 
Figure 4 – Measured points in the room. 

 

3.2 Results of experiment with the MR display 
Figure 5 shows experimental results of image source distributions with the HoloLens. The left-side, 

center and right-side figures are the view of image source distribution at M32, M33 and M34 positions,  
respectively. The upper figures show the views when the user directed to the front wall. The lower 
figures show the views when the user directed to the left wall. To observe small sound reflections, 
logarithm of amplitude of each image source sphere is represented as diameter of sphere. 

When a user approaches to measured position, image source distribution adjusting to the position 
was shown in the HoloLens display. Thus, we can understand where sound reflections occurred and 
how large the sound reflections were by the positional and size information of image sources. When a 
user approaches to the other measured position, we can understand how the feature of image source 
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distribution changes. 
 

 

 
Figure 5 – View of image source distributions at different viewpoints. 

4. CONCLUSIONS 
In this paper, we proposed a MR display system for image source distributions measured at multiple 

measurement points. We measured impulse responses and estimate image source distributions at 
multiple points in the room by using closely located four-point microphone method and displayed 
them on our proposed MR display system. By using AR markers, position of measurement point can 
easily obtained. Then, the image source distribution can be observed at the different viewpoints. Thus, 
it helps us to understand how the sound reflections change. 

In the future work, to evaluate whole feature of sound field completely, we will interpolate image 
source distributions from measured data to display image source distribution at any viewpoints. In 
addition, we will display image source distribution with other devices such as PC or tablets. 
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ABSTRACT 
The purpose of this study is to clarify the acoustical difference depending on the seat position in an 
auditorium, particularly the level of difference perceivable by the audience and acoustical cues for perception 
of difference. 
Subjects were presented through headphones with pairs of impulse responses measured in different positions 
of an auditorium, and then answered for questions whether two impulse responses sounded the same or not. 
Answers of the subjects were subjected to cluster analysis and multidimensional analysis so that the audience 
area, which was previously divided into several zones, was grouped according to acoustic similarity. 
As a result of comparison between the subject's answer and objective measurement obtained by the impulse 
responses in respective seats, it is likely that the subjects perceived the difference in the acoustic conditions 
on the basis of not only the subjective level of sound but also the perceived clarity of sound and perceived 
reverberance.  
 
Keywords: Impulse Response, Subjective Judgment, Discrimination 

1. INTRODUCTION 
Acoustic characteristics of a music hall are sometimes expressed by a representative value of 

reverberation time. Since the acoustic condition, however, differs among audience seat s, ISO3382-1 
defines a standard of the number of measurement points to be set for acoustic measurement in audience 
seats of a hall1. 

Meanwhile, in consideration of human auditory sense, it is quite difficult to recognize all the 
differences in acoustic condition among audience seats, even though the acoustic condition differs for 
each seat in a strict sense. In particular, even different acoustic conditions can be perceived as identical 
if the difference is not more than a threshold. Although such condit ions are actually different in terms 
of physical quantity, they can be regarded as identical from the psychological point of view of the 
audience. 

Prior studies have been carried out by Wilkens2, Yamaguchi3, and Edwards4, for example. In these 
studies, the dissimilarity of acoustic conditions according to determination by subjects was found, 
while the relationship between the determination by subjects and acoustic properties was discussed. 
The authors consider that the acoustic conditions in audience seats in a hall can be zoned on the basis 
of subjective determination by the audience, if the extent of perceivable difference is clarified.  

The purpose of this study is to specify the extent of difference in acoustic condition perceivable by 
audience and a factor for the determination of difference in various seat positions of a hall. In addition, 
the difference in acoustic condition determined by subjects was analyzed to divide the audience seats 
into several zones each including seats determined to be acoustically identical. 

2. EXPERIMENTS 

2.1 Outline 
The impulse response was measured at various points in an audience area of a music hall, and the 
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measured impulse responses were paired. Each pair of impulse responses was presented to a subject. 
The subject answered whether the first and second impulse responses sounded the same or different. 
The experiment involved 20 subjects. 

 

2.2 Preparation 
The music hall used for the measurement of impulse response has 1410 seats. In the hall with a 

omnidirectional loudspeaker (D-10, Globo Technology) set at the center of the stage and monaural 
microphones (AT4050, Audio-Technica) set at several positions of the audience area, monaural 
impulse responses were recorded. The measurement of impulse response was carried out with the 
whole audience area of the hall divided into three areas, that is, Large area, Medium area, and Small 
area. Large area refers to the whole audience area (the number of impulse response measurement 
points: 12 points). Medium area refers to the vicinity of central area of the audience area (the number 
of impulse response measurement points: 9 points). Small area refers to an area where the interval 
between seats is narrower than that of Medium area (the number of impulse response measurement 
points: 12 points). Figure 1 shows the impulse response measurement points. The impulse responses 
were measured with the gain of the microphone kept constant so as to reproduce the difference in 
sound level depending on the sound receiving position. 
 

 
 

Figure 1 – Impulse response measurement points 
 

The impulse responses measured at the positions illustrated above were used to prepared pairs of 
stimuli to be presented to the subjects as shown in Figure 2. Two impulse responses measured in the 
same area constitute each pair of stimuli. A pause of one second was provided between the two impulse 
responses. In order to confirm the reliability of answers from the subjects, five pairs of identical 
impulse responses were additionally prepared for each area and presented to the subjects. 

 

 
 

Figure 2 – Example of stimuli presented 
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2.3 Procedure 
The subject listened to a pair of impulse responses through headphones (MDR-CD900ST, SONY) 

and subsequently answered whether the two impulse responses sounded the same or different. In the 
case where the subject desired to listen to the pair of impulse responses again, it was presented to the 
subject each time. The subject listened to 71 pairs of stimuli (66 kinds of pairs of stimuli + 5 pairs of 
identical stimuli) for Large area, 41 pairs of stimuli (36 kinds of pairs of stimuli + 5 pairs of identical 
stimuli) for Medium area, and 71 pairs of stimuli (66 kinds of pairs of stimuli + 5 pairs of identical 
stimuli) for Small area, and answered. 

The experiment was carried out for each area, and the order of stimuli to be presented was randomly 
set. The volume of sound to be received by the subject was adjusted with use of a headphone amplifier 
(HUD-mx2, Audinst) so that the sound reproduced through the headphones was appropriate. As a 
result of the adjustment, LAmax of the sound of measurement point 2, which was nearest to the sound 
source, was 78.5[dB]. 

3. RESULT AND DISCUSSION 

3.1 Result of answer from subject 
Tables 1 to 3 show the result of experiment regarding Large area, Medium area, and Small area, 

respectively.  
 
Table 1 – The number of cases where impulse responses of each pair were determined as different, 

Large area 

 
 
Table 2 – The number of cases where impulse responses of each pair were determined as different, 

Medium area 

 
 

Table 3 – The number of cases where impulse responses of each pair were determined as different, 
Small area 
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The values in the tables each indicate the number of answers "sounded different". That is, a larger 
value indicates that two impulse responses of the pair were perceived as more different by subjects, 
and thus the dissimilarity between such impulse responses is construed as being higher.  

Throughout the experiment, each subject was required to answer regarding 15 pairs of identical 
impulse responses. Identical impulse responses were sometimes determined as "sounded different" as 
a matter of course; however, no subject made more than 50% wrong answers, and therefore all the 
answers from the 20 subjects were taken as targets of analysis. The highest percentage of wrong 
answers of a subject was 33.3%, and an average percentage of wrong answers of all the 20 subjects was 
10.3%. Seven subjects answered "sounded the same" regarding 15 pairs of identical stimuli. 

3.2 Analysis by multi dimensional scaling 
Results shown in Tables 1 to 3 were subjected to multi dimensional scaling (MDS) to be plotted as 

illustrated in Figure 3. Impulse responses of a pair determined as "sounded the same" by many subjects 
were determined as quite similar to each other and plotted at near posit ions in a three-dimensional 
space. 

The stress in the figure is an index regarding the goodness of fit of the spatial model obtained by 
MDS. The goodness of fit of the model increases as the stress value decreases. According to Kruskal5, 
Large area and Small area are evaluated as fair, whereas Medium area is evaluated as good in terms of 
goodness of fit of this case obtained by MDS. 

 

 
 

Figure 3 – Stimuli plotted on graphs obtained by MDS 
 

Coordinate axes obtained by MDS can be understood by comparison between the coordinate value 
of each stimulus obtained by MDS and the tendency of fluctuation of acoustic index for each stimulus. 
Tables 4, 5, and 6 show correlation coefficients between the coordinate values obtained by MDS and 
the objective parameters of stimuli for the respective areas. A-value in each table indicates a value 
calculated from amplitude ratio between direct sound and reflected sound of impulse response6. The 
A-value tends to be small in the case of dominant direct sound. 

 
Table 4 – Correlation coefficient between Dim. obtained by MDS and objective parameter, Large 

area 

 
 
 

4586



 

 

Table 5 – Correlation coefficient between Dim. obtained by MDS and objective parameter, Medium 
area 

 
 
Table 6 – Correlation coefficient between Dim. obtained by MDS and objective parameter, Small 

area 

 
 

In view of overall tendency of the results shown in Tables above, Dim.1 is significantly correlated 
with many objective parameters. In Table 6, Dim.2 and Dim.3 are more significantly correlated with 
objective parameters compared to those in Tables 4 and 5. For example, Dim.2 in Table 6 is 
significantly correlated with an objective parameter relating to perceived reverberance, which is not 
correlated with Dim.1. This suggests a possibility that the factor for discrimination varies depending 
on the extent of the difference between acoustic conditions being presented. 

Table 7 shows correlation coefficients between results shown in Tables 1 to 3 and ratios of objective 
parameter of impulse response corresponding to the results. 

 
Table 7 – Correlation coefficient between result of answer from subject and ratio of objective 

parameter 

 
 
In Large area and Medium area, the answers from subjects are correlated with SPL greatly and also 

with EDT significantly. This suggests the possibility that the subjects made determinations on the 
basis of not only the sound level but also perceived reverberance. 

In Small area, although the answers are significantly correlated with SPL, the correlation 
coefficient value regarding SPL is smaller than those of the other areas. In addition, correlation 
coefficient values regarding C80 and Ts (centre time) are as high as that regarding SPL, which suggests 
the possibility that the subjects made determinations on the basis of perceived clarity of sound as well. 

Figure 4 planarly illustrates the result of MDS for Large area. In Figure 4, positions 1, 2, 3, which 
are relatively near the stage, are plotted in the negative direction, whereas positions on the second floor 
10, 11 12, which are relatively far away from the stage, are plotted in the positive direction on the 
Dim.1 axis. Thus, it can be understood that Dim.1 represents the distance from the stage. Positions 2, 
5, 11, which are on the center axis of the hall, are plotted on the relatively large coordinates on the 
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Dim.3 axis. Thus, it can be understood that Dim.3 represents the centeredness of each seat position. 
Meanwhile, since the stimuli presented in this experiment were impulse responses recorded by 
monaural microphone, the tendency of the results should be supported by additional experiment 
involving stimuli prepared using a dummy head. 

 

Figure 4 – Planar illustration of Result of MDS, Large area 
 

Figure 5 planarly illustrates the result of MDS for Medium area. 

 

Figure 5 – Planar illustration of Result of MDS, Medium area 
 
In Figure 5, Dim.1 exhibits a tendency similar to that of Figure 4, whereas Dim.2 and Dim.3 exhibit 

no clear tendency. In Small area, no clear tendency was found even for Dim.1. 

3.3 Zoning by cluster analysis 
Figure 6 shows the result of classification into respective categories by cluster analysis by Ward's 

algorithm. 
 

 
 

Figure 6 – Classification of measurement points by cluster analysis 
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As to Large area, the measurement points were categorized into symmetrical zones, and thus the 
answers from subjects had some regularity. Medium area was broadly categorized into the front, center, 
and rear zones, so that it can be expected that the subjects answered on the basis of an acoustic factor 
relating to the distance from the stage. In contrast, no regularity was found as to zoning of Small area, 
which implies that the determination criterion of the subjects was vague. 

4. CONCLUSIONS 
In this study, subjective evaluation experiment was carried out regarding perception of the 

difference in acoustic condition in audience seats in a hall, and as a result, the following findings were 
obtained. 

 It was clarified that the relationship between the result of MDS obtained from subject's answers 
and objective parameters obtained from impulse responses presented as stimuli tends to vary 
according to the size of target seat area. 

 Dim.1 of MDS is likely to represent the distance between the stage and the seat posit ion. 
 Zoning from the view point of only the acoustic condition is effective for Large area and Medium 

area, whereas whether the difference can be perceived is unclear for Small area. 
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ABSTRACT 
This work reviews the master’s research that evaluated the possibilities of using laminated and glued               
bamboo panels (abbreviated to BaLC) from the species Dendrocalamus giganteus in the construction of a               
resonant membrane material for low frequency sound absorption. The devices were acoustically tested with              
internal air cavities of 100mm, 75mm, and 50mm thickness with and without glass wool filling. The                
procedure for obtaining the sound absorption coefficient followed the ISO 354: 2007 international standard              
with a sample of 12m² of BaLC in a reverberant chamber of 207m3. The results showed the resonance                  
frequency at 100Hz and, consequently, the maximum sound absorption coefficient at the same frequency              
for all sampling configurations. In the analysis of the sound-absorption coefficients, a variation at 100Hz               
was observed from 0,387s for empty cavity with 50mm thickness to 0,778s for 50mm cavity filled with                 
glass wool. Furthermore, results were compared with the theoretical prediction in computational modelling             
to verify if the coefficients obtained in the laboratory coincide with those simulated virtually. This research                
represents an evidence-based contribution to reveal the benefits of bamboo technology for the built              
environment given that it can be an accessible resource in tropical countries due to its fast growth and easy                   
adaptation to local soil. 
 
Keywords: architectural acoustics, sound absorption coefficient, resonant membranes, Dendrocalamus         
giganteus, design technologies. 

1. INTRODUCTION 
The study of unconventional materials for the application in acoustics is relevant, so that there are                

several researches seeking the acoustic potential of natural fibers and their derivatives, such as sisal,               
sugarcane bagasse and coconut shells, among others, as well as reuse of components discarded by society,                
such as tires and pet bottles. In this perspective, the application of materials of plant origin expands the use                   
of these resources and favors the environment, since the uncontrolled and continuous exploitation of the               
natural resources of the planet generates negative impacts for the human being and environment in which it                 
is inserted (1). 

These materials present different acoustic behavior and can be classified as porous or fibrous, for the                
absorption of high frequencies, resonators, for the absorption of medium frequencies or resonant panels, for               
absorption of low frequencies (2). Therefore, it is necessary to seek balance in the application of these                 
components in order to obtain a sound control suitable for a particular use. However, the acoustical                
materials widely available on the market and the verification of their potential for sound treatment are still                 
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mostly focused on conventional raw materials such as wood and non-renewable resources such as              
polymers, foams and mineral fibers. 

Thus, the possibility of the application of glued laminate bamboo, abbreviated to BaLC, in the form of                 
sheets, similar to plywood, allows its use in architectural acoustics, functioning as a resonant membrane               
type device that is specialized for the absorption of low frequencies. These systems of sound absorption                
work by attenuation of sound by mechanical vibration, so they can be designed to absorb certain                
frequencies, since their maximum absorption occurs at their resonance frequency (3). 

Considering the issues presented, this research seeks the introduction of an unconventional material,             
bamboo as construction material, for application in the sound conditioning in building architecture. The              
concepts and possibilities of application of this material for the sound absorption will be presented and then                 
the potentialities of absorption will be evaluated, in order to insert the use of bamboo for the acoustic                  
treatment. 

2. BAMBOO: NATURAL AND CONSTRUCTIVE CHARACTERISTICS 
Bamboo is a material of natural origin and has been prominent as an ally of wood derivatives and other                   

industrialized materials, through the interface that its processing can offer in various uses. It is a plant of                  
tropical origin, perennial and renewable, which annually produces stems and does not need replanting. It is                
also an excellent carbon absorber, which soon has great potential for the recovery of green areas, as well as                   
the rapid growth of its shoot, which takes from three to six months to reach up to thirty meters (Pereira,                    
BERALDO, 2007). 

Its morphological characteristics present analogies with those of wood, suggesting that its acoustic             
qualities may be similar, however, there are still not many studies about its use for the acoustic treatment of                   
environments. Some researches have shown that the material has desirable characteristics for the             
development of materials for acoustic conditioning, such as density, fiber size and porosity in its processed                
product. In this way, the study of acoustics related to bamboo is another important use for this versatile                  
plant. 

2.1 Types of Panels 
There are several types of panels made from bamboo and are usually processed by a series of chemical                  

and mechanical transformations that involve manufacturing under pressure and suitable temperatures with            
the aid of adhesives sized according to the bonding capacity of the raw material. Most panels vary from                  
2mm to 40mm thick, however these conventional dimensions can be altered according to the requirements               
of the applied use (4). 

According to the same author, these panels can be classified according to the technology applied to their                 
manufacture and the type of material processed used in the panel, conforming several different              
denominations. Moizés (5) concludes that the structural features that will form the final product are directly                
related to the disposition of slats in these materials, which may have one or more layers with different                  
arrangements in their slats. Figure 01 exemplifies such structural arrangements of the panels. 

Therefore, they can be classified as Plybamboo: Bamboo slats are worked at high temperature with the                
compression and planing of the material, forming plates with thickness between 60mm and 120mm and               
positioned in the transverse and longitudinal directions alternately. Generally they are hot-pressed and the              
adhesive based on phenol-formaldehyde is used, however in this type of pressing cracks may occur; and                
Bamboo glued laminates: The slats are cut and planed with two fixed parallel saws in order to obtain the                   
desired section for use. Then they are arranged in the same direction and glued with a two-dimensional                 
pressing, resulting in a multi-layered product with large possibility. Among the various uses applied to               
glued laminates of bamboo, the closest thing to this research is plybamboo, that is, the plywood panel of                  
bamboo. Zhang points out that this is a special category in the large variety of bamboo panels, because its                   
main manufacturing characteristic is high-temperature-softening and flattening. A very strong sheet is thus             
obtained, with high stiffness and wear resistance, whereas its manufacturing process is less labor intensive               
and consumes less adhesive.  

The process of manufacturing this type of bamboo panel involves a series of steps ranging from the                 
collection of the material, followed by steps of slicing of the stalks and glueing of the slats, until the                   
production of its final form. The final product of this process are bamboo plywood panels of various                 
thicknesses and sizes. They are usually glued with three layers perpendicular to each other, however they                
may be made up of more layers of the material, provided that the opposing faces are aligned with the same                    
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fiber direction. 

3. RESONANT PANELS 
Resonant membranes, also called resonant or vibrating panels, are specialized devices for the acoustic              

absorption of the low frequencies. According to Bistafa (3) these panels are made of thin sheets of wood or                   
metal fixed to spacers on the walls or ceiling thus constituting a cavity with air inside. According to Gerges                   
(2000), the membrane is an element that does not have sufficient stiffness in a plane, requiring that it be                   
fixed in contours. Thus, if this fixation is made parallel to a rigid plate, the space of air between them will                     
act as an element of rigidity. The operating principle of these panels is based on the excitation of the                   
membrane by the incidence of sound waves at their resonance frequency and, consequently, the dissipation               
of the acoustic energy by means of the internal damping of the system. 

Everest and Pohlmann (6) point out that these panels can be sized to absorb specific frequencies,                
because absorption of sound waves through the vibration of the system has a peak of absorption that                 
coincides with the resonance frequency of the device, that is, the peak of maximum absorption is the                 
resonant frequency of the system. However, Bies and Hansen (7) note that the determination of the sound                 
absorption coefficient of the system can also be done by an empirical method using forecast plots,                
published by the Hardwood Plywood Manufacturers Association in 1962, to estimate the behavior of the               
device. Thus, we first determine the resonance frequency of the system using equation 1, according to Bies                 
and Hansen. 

 

 f 0 = 1
2π√ ρc2

mL+0,6L√ab  

f0= resonance frequency (Hz); 
m = superficial density of the material (kg/m²); 

L = air cavity depth (m); 
ρ = specific density of the material, (kg/m3); 

c = sound speed, (m/s); 
a = panel width (m); 
b = panel lenght (m); 

(1) 

 
By observing the estimation provided by the equation presented, it can be verified that the thickness of                 

the air layer and the type of material used for the panel are parameters that influence the determination of                   
the resonance frequency of the system. Therefore, reducing the surface mass of the material will cause an                 
increase in the resonant frequency, just as decreasing the thickness of the air layer of the device will also                   
lead to an increase in that frequency. 

Further, the air layer of this type of system may also be filled with some porous or fibrous absorbent                   
material, spaced from the panel so that it can also vibrate freely, which will cause a decrease in the system's                    
sound absorption peak and increase absorption at frequencies close to the resonance. Thus, the introduction               
of these materials into the air layer will decrease the efficiency of the absorption peak sized for the system,                   
but will increase the range of frequencies that the device can absorb (8). 

The empirical method to estimate the behavior of the resonant membrane pointed out by Bies and                
Hansen then uses two parametric graphs that are related to the determination of the desired properties of the                  
sound absorption system. In figure 2, the absorption coefficients for air layers filled with fibrous or porous                 
material, the solid curves from A to F, and for empty air layers, the dashed curves from G to J are shown.                      
On the axis of the ordinates, are shown the coefficient of sound absorption and in the axis of the abscissa                    
the ratio of the frequency band of the frequency of the resonance of the system. Thus, the value of 1.0 on                     
the axis of the abscissa corresponds to the resonance frequency and, therefore, to the sound absorption peak                 
of the resonant membrane. The curves from A to J are estimates of the behavior of the sound absorption                   
coefficients for the frequency bands. 
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Figure 2 - Prediction curves for the sound absorption coefficient of Sabine. 

 
In figure 3 presents the graph that relates to figure 2 to complement the behavioral estimate of the                  

device. It presents the relations between the surface density of the panel on the axis of the ordinates, and the                    
thickness of the air layer on the axis of the abscissa, the resonance frequency that the system can present on                    
the "f0" diagonals and the association with the sound absorption curves of figure 2 on the diagonals from A                   
through J.  

Therefore, for the behavioral estimation of a resonant membrane type device, the resonance frequency              
prediction equation must be used in conjunction with the parametric graphs presented to determine the               
characteristics of the panel, such as its surface density, air cavity thickness and coefficient of sound                
absorption. According to Bistafa (3) and De Marco (9) it is worth mentioning that the resonant membrane                 
operating principle, a lightweight and flexible panel that will vibrate in its first mode, requires the fixing of                  
its edges in a rigid structure to create a "drum effect" on the membrane. A minimum spacing of 0.4m                   
between the rigid supports is recommended. 

 
Figure 3 - Prediction curves for the sound absorption coefficient of Sabine.  

 

4. THE PROTOTYPE 
For the absorbing system it was projected a membrane consisting of a BaLC panel in only one thickness                  

and an air cavity of variable thickness was designed to be disassembled and reassembled de device. The                 
parts were designed with 4 different layers of air, a bottom membrane, which would confine the air inside                  
the device and a movable pressure frame or frame on the bamboo membrane, to hold the structure and                  
make the components function as a cohesive whole. Thus, there is a system consisting of pressure frame,                 
bamboo membrane, collapsible intermediate rings and bottom membrane. 

The thickness of the bamboo membrane was dimensioned based on the width and ideal length produced                
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by the slat slitting machine and the minimum thickness produced by the slat leveling machine. In this way,                  
a slat with a thickness of about 0.2cm, a width of 2.5cm and a length of 120cm is obtained. Also, in order to                       
avoid the deformation by moisture and dilation of the pieces, a membrane of two layers of slats, oriented in                   
a perpendicular way, 105cm long by 105cm wide and 0.4cm thick was designed. 

According to Bistafa (3), it is recommended that the minimum distance of the rigid supports from the                 
edges of the resonant membrane is greater than 40cm, in order to allow the plate to work in its first mode of                      
vibration. In order to obtain the resonant frequency variation of the system, it is necessary to modify the                  
layer of confined air inside the device, so the thickness of the bamboo blade was considered a constant and                   
the removable rings change the air cavity. To do so, one can use the behavioral estimation exemplified by                  
Bies and Hansen to define ideal cavity thicknesses based on the constant surface density of the panel. This                  
density was calculated by Oliveira (10) for the material yielded by the CPAB/UnB, obtaining a specific                
mass of 0.715 g/cm³ and resulting in a surface density of 2.86 kg/m² for the panels, which is the specific                    
mass multiplied by thickness of the panel so as to obtain the density by the area of the panel surface. 

However, due to the need for the creation of modular parts that are adapted to the production process,                  
the 75mm cavity, which is close to the resonance frequency of 125Hz and finally modulating the system,                 
was chosen as a final cavity of 25mm which will approach the frequency of 200Hz. Therefore, the air                  
cavities inside the device are defined in 25, 50, 75 and 100mm, and the design of the removable elements is                    
developed. 

The removable rings are designed to be easily removed and repositioned. Thus, pieces of 105cm in                
length, 25mm in width and 25mm in thickness were designed. These pieces together form a frame that                 
supports the bamboo membrane and fit the male-female system so that its connection is firm and prevents                 
the passage of air from the inner chamber to the external environment, confining the air layer inside. It was                   
specified the wood popularly known as freijó (Cordia goeldiana) for the construction of the rings, since it                 
is a medium density wood approaching the density of BaLC (11) and is widely available in the market. 

The wood popularly known as freijó (or also claraíba, cordia-preta, frei-jorge, among others) is in the                
phytogeographical domain of Amazonia and can be found in the northern regions, center-west and              
southeast. It has physical characteristics from moderately hard to manual cross-section, right grain and              
medium texture. Their vessels are macroscopically visible and have a medium to large diameter and diffuse                
distribution. It is not included in the endangered species of Brazilian flora and, although it is commonly                 
found in the market, it was not present in the 100 most native species traded in Brazil in 2009. Its main                     
characteristic for this research is its specific basic light mass with value less than 0.50g/cm³. 

 
Figure 4 - Exploded view of project component elements separated in order of fit. 

 
For the bottom of the device was proposed the use of wood plywood also with thickness of 0.4cm,                  

length of 105cm and width of 105cm, for the complete sealing of the device. In order for the pressure to be                     
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exerted on the parts, bolts with butterfly nuts and washer are inserted which can be easily dismantled by                  
hand. In figure 4 one can be observed a scheme of the functioning of the joints designed for this device. 

Thus, we calculated the resonance frequencies for each of the compositions in which the prototype will                
be assembled and the system behavior was estimated according to Bies and Hansen (2009), based on                
Equation 01. The 100, 75, 50mm layers had a resonance frequency of 112, 129, 158 and 224Hz                 
respectively. 

5. METHODS AND ANALYSIS 
For the control of the experiments and also for the classification of each composition in which the air                  

layer is changed, by means of the assembly and disassembly of the removable rings, a specific                
denomination was created with the following abbreviations: BE100, test of prototypes of the resonant              
membrane device in BaLC with the internal air cavity 100 mm thick, sealed and empty. The system                 
resonance peak is estimated at 112 Hz; BE075: Assay of the prototypes of the resonant membrane device in                  
BaLC with the internal air cavity of 75mm thickness, sealed and empty. The system resonance peak is                 
estimated at 129 Hz; BE050: Assay of the prototypes of the resonant membrane device in BaLC with the                  
internal air cavity of 50mm thickness, sealed and empty. The system resonance peak is estimated at 158Hz. 

In this way, 3 different measurements were obtained in which the air chamber inside the device is sealed                  
and empty, thus a sharp absorption peak was expected at the calculated resonance frequency. However,               
with the possibility of insertion of porous or fibrous material inside the air box, the following                
conformations with their abbreviations were also projected: BEL100, Assay of the prototype of the              
resonant membrane device in BaLC with the internal air cavity of 100mm thickness, sealed and filled with                 
glass wool with a thickness of 50mm. The system resonance peak is estimated at 112 Hz; BEL075: Assay                  
of the prototype of the resonant membrane device in BaLC with the internal air cavity of 75mm thickness,                  
sealed and filled with glass wool with a thickness of 50mm. The system resonance peak is estimated at 129                   
Hz; BEL050: Assay of the prototype of the resonant membrane device in BaLC with the internal air cavity                  
of 50mm thickness, sealed and filled with glass wool with a thickness of 50mm. The peak resonance of the                   
system is estimated at 112Hz. 

The prototypes of the resonant membrane device were tested in the reverberant chamber of UFSM               
(Santa Maria Federal University) Acoustic Laboratory. This chamber has walls at non-parallel angles             
whose dimensions range from 7.55 to 7.90m in length, 5.80 to 5.95m in width. The height of this enclosure                   
is also variable, being the smallest dimension of 4.60m and the largest of 4.75m. The measurements total a                  
volume of 207m³ and, still, there are 5 acoustic diffusers of metal suspended by means of chains fixed in                   
the ceiling, contributing to the diffuse acoustic field. It has a double door with acoustic insulation made of                  
sheet metal with 20mm thickness and sealed with rubber. This camera works exclusively for sound               
absorption tests. 

According to ISO 354, test specimens for the reverberation chamber can have various shapes of               
dimensions, so the method of positioning the sample for the test varies with the type of element to be                   
tested. Absorbent planes or absorbers may be classified as discrete. In this research, the absorbers were                
considered individual absorption devices, however, they were tested with the positioning of flat absorbers,              
in this way, they were arranged together forming a rectangle in the center of the room, in proportion as                   
specified in the standard. 

For the test, the test area specification varies between 10 and 12m² for a chamber with up to 200m³. If                     
the test environment has a volume greater than that mentioned above, a correction must be made in the test                   
area to be tested. The test sample areas should be between 10.23m² and 12.27m². Also, according to the                  
norm, the discrete absorbers must have at least 1m ² of absorptive area, thus, set of the elements tested                   
fulfilled this requirement, since each prototype had this minimum area of absorption and its set added 12m²                 
of absorber surface. 

6. RESULTS 
Six sound-absorbing acoustic tests were performed using different voids, filled and empty, for the              

resonant membrane-type device, but maintaining the same positioning inside the chamber. With the tests, it               
is intended to evaluate the pre-dimensioning done and to know which of the air thicknesses inside, empty                 
or filled with glass wool, obtained superior performance, for a possible later development of a market                
product.  
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Table 1 - Theoretical prediction data of resonance frequency 

Test Cavity Thickness of air 
layer (mm) 

Theoretical prediction 
of resonance 

frequency 

Theoretical  peak of 
acoustic absorption 

coeficient 

BE100 empty 100 123  0,6 

BE075 empty 75 142 0,4  

BE050 empty 50 174 0,4 

BEL100 glass wool 50mm 100 123 0,8 

BEL075 glass wool 50mm 75 142 0,8  

BEL050 glass wool 50mm 50 174 0,6 

 
It was found that the sound absorption coefficients were higher in the bands from 80Hz to 200Hz, for                  

the configurations of the device with the cavity filled with wool of glass. However, the BE075 test, with the                   
empty cavity, showed a very expressive result, as its maximum sound absorption coefficient in the               
resonance frequency of the system, observed at 100Hz, came close to that of the tests with the filled cavity,                   
according to Figure 81 (P. 126). For all sealed cavity tests, BE100, BE075, BE050, BEL100, BEL075 and                 
BEL050, the resonance frequency of the device was maintained at 100Hz. The highest values for the sound                 
absorption coefficient at said resonance frequency were found in the BEL050 test, followed by the BEL075                
and then the BE075. 

 
Table 2 - Tests at reverberation chamber 

Coeficiente de absorção sonora por banda de frequência em Sabines (αs) 

Cavity Empty Filled with 50mm glass wool 

Frequência BE100 BE075 BE050 BEL100 BEL075 BE050 

50 Hz 0,056 0,040 0,024 0,055 0,047 0,036 

63 Hz 0,119 0,083 0,054 0,122 0,107 0,075 

80 Hz 0,268 0,193 0,111 0,407 0,271 0,199 

100 Hz 0,566 0,743 0,387 0,671 0,771 0,778 

125 Hz 0,348 0,570 0,327 0,359 0,654 0,744 

160 Hz 0,142 0,214 0,338 0,335 0,432 0,574 

200 Hz 0,266 0,239 0,310 0,362 0,395 0,454 

250 Hz 0,227 0,262 0,324 0,231 0,251 0,285 

315 Hz 0,166 0,161 0,190 0,187 0,188 0,207 

400 Hz 0,179 0,182 0,207 0,159 0,150 0,185 

500 Hz 0,142 0,129 0,136 0,136 0,116 0,156 

630 Hz 0,134 0,125 0,113 0,131 0,115 0,124 

800 Hz 0,123 0,113 0,115 0,119 0,106 0,111 

1 kHz 0,108 0,108 0,119 0,106 0,108 0,111 

1,25 kHz 0,107 0,106 0,127 0,094 0,108 0,119 

1,6 kHz 0,093 0,090 0,118 0,092 0,097 0,113 

2 kHz 0,106 0,094 0,115 0,112 0,087 0,102 

2,5 kHz 0,123 0,097 0,103 0,115 0,096 0,095 

3,15 kHz 0,090 0,090 0,087 0,099 0,081 0,076 

4 kHz 0,105 0,084 0,091 0,089 0,085 0,087 

5 kHz 0,096 0,088 0,080 0,096 0,088 0,091 

 
4596



 

7. CONCLUSIONS 
The research sought to review the concepts related to acoustics to define the possibility of the use of a                   

nonconventional material for the acoustic conditioning of rooms, the bamboo in its glued laminate form,               
with the development and experimentation of a prototype that initiated the definition of acoustic              
characteristics of the proposed material. To that end, the literature reviewed the main properties of sound                
and its characteristics for room acoustics and acoustic conditioning, as well as the material that was                
presented to introduce the sound studies. 

The experiments showed that the empty cavity of 75mm, in the BE075 test, obtained a maximum                
sound absorption coefficient close to the highest coefficient found in all the tests, thus demonstrating the                
capacity of the bamboo membrane allied to the air layer in this system, presented superior performance for                 
the empty cavity, surpassing the calculated estimates. With the 50mm thick glass wool filling in the inner                 
cavity, the BEL050 test, with 50 mm of air layer, presented a satisfactory performance, since it had a high                   
maximum sound absorption coefficient and, compared with the BE050 test, of empty cavity, there was a                
great variation of absorption in the frequencies of 63 to 250Hz. 

The resonance frequencies for each system mounted with the different air thicknesses in its cavity               
were maintained at 100Hz and differed from those estimated by calculation. This fact demonstrates the               
need for more acoustic research with the material for the comparison of results and to establish with                 
precision these characteristics obtained in the test. 

We suggest an in-depth study on the technical-economic feasibility of an evaluation of the cost and                
time of production of the material used, taking into account the capacity of the bamboo producers to make                  
their merchandise available; the existing infrastructure for the development of the productive chain; the              
energy, labor and machinery costs, in order to accurately measure the possibility of marking the panel in                 
BaLC, and its application in acoustics. 

Finally, an in-depth study on the positive environmental impacts that the production of acoustic              
materials in bamboo may entail is also suggested. For, in general, the commercially available materials               
used for absorption of low frequencies are those derived from wood, such as plywood, OSB and MDF.                 
However, materials for the absorption of high frequencies are derived from non-renewable resources, such              
as foams and mineral wool. Thus, a comparison between the production of bamboo materials with those                
available industrial, with respect to the toxicity to the human being, environment and energy required for                
production, among others, would be pertinent to increase the knowledge of the BaLC. 
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skating. 
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ABSTRACT 

In 2016, the municipality of Folgaria - North Italy - decided to using its ice arena for various activities due 

to the difficulty in the economic management of a structure exclusively dedicated to ice skating. 

This is a structure with a playing field of 2,500 m2 and 1,000 m2 for the grandstand. The roof has two flaps 

with a variable radius curved course and a maximum height of 19 meters. The total volume, equal to 53,000 

m3, was initially characterized by a reverberation time of about 8 seconds at the middle frequencies. 

The author has been commissioned for the feasibility study aimed at verifying possibilities for intervention. 

The second step involved the detailed design of the interventions and their cost for the preparation of the 

competitive tender. At the beginning of 2018 the building process were contracted and the works, of which 

the author was the Construction Supervisor, were completed in November. The reverberation time is now 

equal to 2.2 seconds and allows the use of the environment for concerts, meetings, parties and sporting events 

of various kinds. 

This contribution reports the whole history of the project, going from the construction phases until the final 

approval tests. 

 

Keywords: Ice arena, Reverberation time, Interventions. 

1. INTRODUCTION 

In 2016 the town of Folgaria in Trento (Italy), given the difficulty in the economic management of 

a structure dedicated to ice skating only, decided to evaluate the possibility of its use for different 

activities. 

It is a structure with a play area of 2.500 m2 and 1.000 m2 dedicated to the stands. The roof, made 

of a wooden structure, has two curved flaps with variable radius and a maximum height of 19 meters. 

The total volume, equal to 53.000 m3, was characterized by a reverberation time at the central 

frequencies of about 8 seconds. The preliminary study was aimed at verifying the feasibility of the 

work and propose solutions. The executive design of the interventions and the economic quantification 

of the works for the preparation of the call for tenders continued. At the beginning of 2018 the works 

were contracted out and the intervention was completed in November. 

The reverberation time is now equal to 2.2 seconds, in line with the forecast data. 

2. BACKGROUND 

The ice arena of Folgaria is a structure built in different phases, initially there was only an outdoor 

plate, used for skating and events of various kinds. The ice rink has been covered and finally the 

administration has provided to close the perimeter of the structure. Following completion, the 

difficulty of managing the space for musical or "spoken" events identified significantly due to the 

high internal reverberation. 

                                                        
1 alberto.piffer@gmail.com 
2 elena.resenterra@gmail.com 
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Figure 1 – Plant and section of the ice arena. 

 

In Folgaria there is no tradition related to ice hockey or competitive skating. The administration 

has identified the need to use the structure for activities other than skating at the amateur level. These 

activities could include concerts, conferences, parties and other sporting activities not related to the 

world of ice. Initial checks showed an average reverberation time of 6.2 seconds from 125 to 4000 

Hz, with positions where 9 seconds were exceeded at 500 Hz. 

 

 

Figure 2 – Reverberation time for two source positions. 
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3. PLANNING OF INTERVENTIONS 

The objective of the adaptation project was determined by the need to guarantee ideal conditions 

for the diffusion of music and speech with respect to the "stadium" configuration, in which 

reverberation plays an important role in creating an involving climate for sports fans. For this reason, 

the minimum objective was set at 3 seconds, with the will to go below 2.5 seconds. 

The intervention points concerned: 

- Creation of a sound-absorbing ceiling covering the board partially damaged by the humidity to 

which it was exposed before the complete closure; 

- Realization of partial sound-absorbing coatings on vertical surfaces. 

The project hypotheses were simulated using the ray tracing software Ramsete. The impulse 

responses generated by the model were then used to auralize the audio tracks to show the client the 

effect of the various intervention steps proposed. 

Following the definition of the areas of intervention and the budget available, we started the phase 

of executive design and economic calculation for the next tender of the works. 

 

 

Figure 3 – View of the 3D model. 

 

 

Figure 4 – View of the 3D model. 
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4. SUPERVISION OF WORKS 

The works, which began in June and then suspended in the summer to allow sports events already 

planned, were completed in the autumn. In total, the following materials were installed in 60 working 

days: 

Table 1 – Summary of the materials used and their location 

Position Material Quantity 

Roofing Glass fiber panels 3814 m2 

Upper area tribunes Perforated plasterboard slabs 238 m2 

Side wall and bottom area of 

tribunes 
Perforated metal panels 376 m2 

Aeration system unit 
Suspended elements – Baffles 

Dimensions 200x100x20 cm 
26 pcs 

Side walls 
Aesthetics glass fiber panels 

Dimensions 120x60 
84 pcs 

 

    

Figure 5 – Installation of the ceiling. Design and execution of the project. 

 

 

Figure 6 – Realization of the acoustic ceiling. Installation of the grid and glass fiber panels. 
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Figures 7 – Installation of perforated metal panels on the side walls and under the grandstands. 

 

  

Figures 8 – Installation of polyester baffels inside the aeration system unit. 

 

 

Figure 9 – Installation of aesthetics glass fiber panels. 
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During the construction phases, various impulse response measurements were performed to verify 

the variation with respect to the quantities of material installed. 

 

Figure 10 – T20 depending on the progress of works. 

 

5. FINAL TESTS 

At the end of the work, completed in November 2018, the verification of the impulse response was 

repeated, comparing the results obtained with the initial situation and with the forecast data of the 

calculation model: 

 

 

Figure 11 – Comparison of results (T20) ante/post operam and estimated. 
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Table 2 – Pre / post operam comparison of some quality indicators. 

Parameter 
Measured values Suggested values 

Ante Post Speech Music 

T20 [s] 6.20 2.23 1.2 ÷ 1.8 1.9 ÷ 2.5 

C50 [dB] -10.87 -2.83 > 2 - 

C80  [dB] -8.78 -1.17 - -4  +2 

D50 [%] 9.55 34.65 ≥ 50 ≤ 50 

Ts [ms] 526 143 < 50 50 ÷ 250 

BR 0.93 0.99 - 1 ÷ 1.25 

STI 0.36 0.67 > 0.45 - 

 

 

   
 

   
 

   

Figure 12– View of the inside of the ice arena before/after works. 
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6. CONCLUSION 

The intervention has fully achieved the expected results. During the first events organized in the 

winter season 2018/2019 it was already possible to appreciate the considerable improvement in the 

intelligibility of speech and the clarity of music. From an economic point of view, the final amount of 

work was 5.7% lower than the cost of the project, with a cost of € 85 per square meter of material 

installed. 

The acoustic characteristics obtained now make the ice arena of Folgaria a suitable place also for 

the organization of musical events. Thanks to the possibility of greater use of this space, the municipal 

administration will be able to amortize the investment made in an estimated period of time of 5 - 8 

years. 

 

 

Figure 13 – The ice arena after the end of the works. 
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The acoustical assessment of the commercial buildings 
 - design assumptions 

Elzbieta NOWICKA1 
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ABSTRACT 
Issues of interior acoustics include shaping appropriate acoustic conditions necessary to receive music or text 
spoken in the rooms. The purpose of the interiors is related to the relevant criteria of acoustic quality, which 
can be divided into subjective and objective ones. Subjective criteria are based on the opinions of the listeners 
and are very important for the assessment of the acoustic values of the room. Many authors of research works 
on this subject strive to find a connection between subjective assessment of acoustic properties of rooms and 
an objective one in order to connect the latter with methods of designing interior acoustics. The issues of the 
acoustic climate of commercial buildings include, among others, shaping the appropriate acoustic conditions 
necessary to receive the spoken text in these rooms, especially from sound alarm system. Designing acoustics 
must be considered at an early stage of the design process and re-analyzed and managed throughout the 
investment process. The paper discuss the acoustical assumptions important during designing process of the 
commercial buildings. 
 
Keywords: Commercial buildings, designing, room acoustics,  

1. INTRODUCTION 
The acoustic quality of commercial buildings is often a problem that confronts many designers. 

Ensuring adequate speech reception in such spaces is one of the key factors determining the acoustic 
quality of a space.  

The acoustic quality of public enclosures, including commercial buildings, is determined on the 
basis of the reception of speech sounds. There are numerous parameters and methods that express or 
determine the acoustic quality of spaces; however, they fail to take into account the special nature of 
commercial buildings.  

Speech intelligibility is one of the key factors determining the acoustic quality of public 
commercial buildings spaces. Ensuring adequate speech reception in such spaces is often one of the 
key challenges that the designer has to tackle. Consequently, expertise necessary to select proper 
parameters to achieve best acoustic quality of a commercial buildings, at the design stage, is still 
insufficient. 

Because of their intended use, commercial buildings are spaces with special acoustic requirements. 
The main problem that needs to be addressed with regard to such spaces is ensuring speech 
intelligibility that complies with applicable standards as well as low levels of interfering noise.  

Reverberation time is one of key parameters considered in analyses of the acoustic properties of 
commercial buildings spaces. It has a strong influence on the perception of speech intelligibility. A 
preliminary determination of reverberation time based on calculations using a formula selected 
enables the designer to carry out an initial, general assessment of the acoustic  properties of the 
enclosure being analyzed. 

The science of interior space acoustics essentially consists in creating acoustic conditions that are 
necessary for adequate reception of speech or music in spaces. The intended use of an interior space is 
connected with specific, appropriate acoustic quality criteria which are divided in subjective and 
objectives ones. Subjective criteria are based on the opinions of spectators, and are very important in 
assessing the acoustic properties of a given space. On the other hand, objective criteria are based on 
acoustic measurements and play a very important role in the entire design process. Objective 
assessment criteria fall into the following categories:  
                                                        
1 e.nowicka@itb.pl 

4606



 

 

 criteria that can be taken into account and verified during the design stage,  
 criteria that can be taken into account in a design, on the basis of model tests, computer 

simulations, and that can be verified by means of measurements at various stages of the project 
delivery (project stage control), and those that cannot be verified during the design stage, 

 criteria that can only be verified after a given facility has been built.  
At present no unambiguous criteria exist relating to factors significantly affecting the acoustic 
properties of spaces in enclosed sports facilities: 

 special intended use of an interior space, 
 geometric proportions of an interior space, 
 fitting the interior space with sound-scattering objects, sound-absorbing components as well as 

those that channel sounds (noise), 
 arrangement of noise sources in a long interior space, installing (or failure to install) a public 

address system in the interior space. 
 

2. DESIGNING OF COMMERCIAL BUILDINGS  
Many shopping spaces are full of sensory stimuli. Retailer tend to fill their stores with fixtures, 

furniture, decorations, displays and product stock to provide value to buyers. All of those elements 
influence the acoustical climate of the stores in commercial buildings. Environment can influence 
shopping behaviors including purchase intention, money or time spent in the store. Creating an 
appealing store environment as an essential job for retail designers and managers, as it allows a unique 
and easy to recognize store image for consumers. It also positively affects consumer satisfaction and 
loyalty by boosting the stores’ attractiveness and value. Visual complexity is known to affect the 
attention, affective status and information processing rate. Conversely, when too little information is 
available, the stimulus may not be strong enough to attract observers’ attention. Studies on visual 
complexity in the marketing industry have mostly focused on consumer response to products or 
packaging, logos and visual advertisement. Yet, the acoustical climate of physical store design is still 
underdeveloped. [4] 

 
Figure. 1. Examples of different designing styles of commercial buildings’ template [5] 

 
Each designed public space has its own characteristic acoustic climate. The sound is invisible, 

however, it is always unconsciously picked up, which does not make it a less important architectural 
element than wood, glass, concrete, stone or light. It is shaped by the project, although most architects 
rarely think about it, except when their task is to create a concert hall and then the acoustics are called.  

Acoustics have a huge role in everyday life and are able to decide whether users of the building can 
stay in it every day - at work or in the apartment. The role of sound in the workplace is well 
documented. Studies have shown that a well-designed office acoustically promotes concentration and 
effective communication. Noise in the workplace has a detrimental effect on stress levels, making it 
difficult for employees to perform their duties. In addition, work was linked in a relatively noisy 
environment with more complaints from employees and higher absences, resulting from back pain and 
other musculoskeletal ailments. 

The acoustics of space will depend on the material and interior finish of the building and the room. 
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Noise can be classified as air noise and impact noise, which is generated by vibrations. The type of 
materials used in the building and the room and their sound-absorbing properties will have a huge 
impact on the acoustic quality. Ceilings, walls, floors, furniture and the number of people occupying 
space play a big role in this. It should also be remembered that people also have acoustic absorption 
properties and will influence the sound received in space.  

Designing acoustics must be considered at an early stage of the design process and re -analyzed and 
managed throughout the investment process. There is no one-size-fits-all design solution in terms of 
acoustics and one cannot expect a single product to create the desired acoustic quality. The final results 
will depend to a large extent on the integration of a number of systems as well as their installation. 
Always recommends the use of building components that have been tested and documented.  

The most important issue when designing the acoustics of space is its intended use. The restaurant 
and theater will have different acoustic needs, and people will behave differently in each of them.  

Effective acoustic design depends on understanding the acoustic challenges of each individual 
space in its wider environment. It is not enough to understand the environment as an "of fice" or 
"restaurant", because in each of them there will be environments with definitely different requirements. 
For example, an office used as a call - center compared to a bank will have very different needs for the 
privacy of the call. In any environment there will be spaces requiring more acoustic control, for 
example in conference rooms and executive offices. The key to an acoustically pleasing environment 
is attention to detail. 

3. OTHER IMPORTANT INFORMATION 
In the acoustic literature there is a lot of parameters to assess the acoustic qualities of room. 

Architects and designers have some problems to choose a suitable one. The aim of this paper is to 
classify all parameters and methods by stages of design and to arrange them.  

The room acoustics contains for example designing of acoustic conditions in rooms required to 
hearing sound of music and speech. With the destination of rooms there are combined suitable criteria 
of assessment of acoustic quality of rooms, which can be divided into two groups: subjective and 
objective. 

Subjective criteria are founded on musicians’ and listeners’ opinion. This is very important for 
assessment of quality of room acoustics. A lot of researchers of this domain found the relationship 
between subjective methods of assessment of room acoustics and objective methods in order to 
combine them with the methods of designing room acoustics.  

The objective criteria are founded on results of acoustic measures. They have an important 
significance in all designing procedure. Between objective criteria one can distinguishes: 

 methods which can be taken into consideration and controlled in the designing stage,  
 methods which can be taken into consideration on the basis of results of the modelling researches, 

simulation tests and can verified by measuring of room on a different stages of a realization,  
 methods which can’t be controlled on designing stage and can be controlled only on a measuring 

stage. 
Architects and acoustic designers are mostly interested in parameters which can be useful during 

work at the designing stage. Figure 2 presents stages of room realization. There are distinguished two 
main stages: the design stage and the measuring stage. These stages are presented and discussed in the 
further paragraphs. 

The designing stage contains preliminary drawings and sketches of characteristic views and 
intersections of room. It contains also indispensable calculations of acoustic parameters.  

The most appropriate methods in designing stage are the geometry theory, the statistic theory and 
the wave theory. All of them are based on calculations and drawings of project of room. All these 
methods are founded on different formulas and concern different problems of an acoustic field in 
rooms. 

The geometric theory establishes that a sound wave are propagated in accordance with rules of 
optical theory. Sound waves can be for example reflected in accordance with the reflection rule. On the 
basis of this theory geometric analysis of shape of room is made. For different sketches of room (views  
and intersections) the paths of sound waves are drawn.  

The geometric theory is the most popular theory used in designing of  acoustics for large halls 
appointed to music. It assures that sound field are the same in every point of room because this theory  
takes into consideration the shape of the room. The problems of early reflections, echoes, 
concentrations or scattering of sound can be resolved by this method.  
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Figure 2. Stages of design in relation to acoustical climate assessment [1] 

 
The wave theory is the most precise method based on mathematical calculations for small, 

rectangular rooms. Some modes of vibrations are calculated which influence on a reverberation time.   
From the statistic theory the formulas of absorption coefficient and reverberation time can be 

obtained. This method is also the only one which can be controlled and checked in the further stages of 
realization of rooms. One can measures an absorption coefficient and a reverberation time in finished 
space. Some remedial work can be introduced after this measures and ones more checked by this 
values.  

The STI method is also this one, which can be used in the designing stage. It is very important 
because the speech intelligibility can be calculated before finishing of room. This method is also used 
in measuring stage of realization of rooms so speech intelligibility can controlled by this method on the 
every stage of realization of building. 

These methods are most appropriate for designing stage because they gives an opportunity to check 
acoustic field at the designing stage of first sketches. The first corrections can be introduce on the 
paper. These methods are also very easy for using, specially geometric theory. It can be used by all 
architects and acoustic designers. 

Measuring stage contains controlling measures during supervision of realization of room and 
measures testing acoustic conditions in finished room, which are basis for retrofit and remedial wo rks.  

In this stage all parameters obtained from impulse response of room are appropriate. Early decay 
time gives some information about speech intelligibility in room, relative strength approximates 
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subjective sense of loudness, early inter – aural cross correlation coefficient gives information about 
subjective attribute of spaciousness. This parameters can be obtained only by measurements in 
existing, finished room and can’t be calculated in designing stage. But in the time of modelling and 
aural simulations some of them can be obtained by computer calculations.  

Computer calculations do not give any information about subjective parameters of room. It can be 
obtained only by measurement with musicians and listeners. Some of them, like intimacy, warmth or 
clarity can’t be obtained by calculations.  

The measuring stage of realization of room is very difficult stage because there is very small 
opportunity to make some corrections or remedial work. That’s why architects and acoustic designer 
should lay stress on the design stage to make all necessary corrections before finishing building .  

4. CONCLUSIONS 
Between all parameters and methods and criteria of objective assessment of room acoustics, the 

main significance in the point of view of architects has reverberation time. It is the most authoritative 
parameters because it can be obtain by calculations on designing stage and also by measuring. Results 
of measured reverberation times are values on the basis of which the other parameters can be obtained, 
such as STI factor defining the speech intelligibility.  

In the different rooms there are used many criteria and methods of assessment of room acoustics. In 
the paper they were presented and classified by the stages of designing and realisation of rooms.  

All above design assumptions will be taken into account to develop a simplified method to assess 
the acoustical climate of the commercial buildings at the designing stage. Method will be intended for 
architects and designers to help them to choose the best solutions from acoustical point of view. 
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ABSTRACT 
In this paper, we designed a robot system to generate a map which shows acoustic information in a room. 
A distribution of room acoustic parameters helps us understand acoustic environment; nevertheless it needs 
measurement of impulse responses at multiple points that are time-consuming. To visualize a distribution of 
room acoustic parameters with efficiency, we utilized a mobile robot with SLAM (which estimates the 
self-localization and environment map simultaneously). The mobile robot leverages self-localization to 
record measurement points and utilizes an environment map as a base to be plot acoustic information on. The 
robot repeats measurement of impulse responses and moving all over the room. We extract parameters from 
each impulse responses then conversion this parameters to color. Finally, we plot the color information at 
measurement points on the environment map. We examined how visualized a distribution of room acoustic 
parameters in an actual meeting room with enough accuracy. In result, the robot system generated maps of 
room acoustic parameters that are related to reverberation and speech clarity. 
 
Keywords: Impulse response, Room acoustic measurement, Parameters mapping 

1. INTRODUCTION 
Measurement of impulse response (IR) leads to acquisition of room acoustic information that 

includes feature of reflection in a room. Some room acoustic parameters calculated from IRs are 
known to correspond to psychological quantities. These parameters help us to understand how 
reverberation sounds in the room. Moreover, necessity of acoustic measurements at multiple points is 
suggested (1). In some parameters, it is not possible to explain the acoustic characteristics of a room 
only by measurement results at one point representative of the room.  

However, room acoustic measurements need a lot of manual operations, e.g. to move microphones 
and loudspeakers, record their positions, play measurement signal and record sound.  Measuring at 
multiple points in particular is time-consuming. 

Meanwhile, a robotic system is often utilized for measurement (2, 3). This is attributed to a 
robotic system can record self-location and sensed data on automatically. The improvement of ROS 
(robot operating system) and computer performance enable us to use navigation techniques easily.  

Our goal is to improve efficiency of acoustic measurement by adding mobility to measurement 
equipment. It is meaningful to visualize the spatial distribution of room acoustic parameters for the 
purpose of showing the benefit of efficiency of measurement. Thus we proposed and developed a 
room acoustic parameters mapping system with mobile robot. 

2. ROOM ACOUSTIC PARAMETERS MAPPING SYSTEM 

2.1 Structure of the system 
Figure 1 describes a structure of the acoustic parameters mapping system. This measurement 

system is constructed from two parts: a measurement robot (shown as Figure 2) and an operation unit.  
The measurement robot based on i-Cart mini mounts a condenser microphone (AT2020USB+) and 

a RGB-Depth camera (kinect for windows v1). A mobile robot enables to move sound receiving point. 
i-Cart mini is a mobile robot platform which has differential-drive wheels for efficient mobility. 

The operation unit has three functions: to send trigger that starts measurement, remote control of 

                                                        
1 s1126017jn@s.chibakoudai.jp 
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the measurement robot and record sounds. 

 
Figure 1 – System diagram of room acoustic parameters mapping system. 

 
Figure 2 – Overview of the measurement robot. 

2.2 IR measurement 
Proposed system plays and records a Log-SS signal for IR measurement. The frequency of 

Log-SS is swept logarithmically. Figure 3 draws a waveform of the measurement signal. 
A measurement signal emitted from loudspeaker is consist from 5 cycles of Log-SS. Synchronous 

addition of the middle 3 cycles of the 5-cycle signal increase the signal-to-noise ratio of the 
measured signal. Moreover convoluting Inverse Log-SS signal and the synchronous added signal 
obtains IR. 
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Figure 3 – waveform of measurement signal Log-SS 

2.3 Room acoustic parameters 
Plotted information on the acoustic parameters distribution map are C50 [dB] and early decay time 

(EDT) [sec]. Each parameter is calculated from measured IRs filtered with 1 octave band; the center 
frequency is 500 [Hz]. A C50 is given by 

(1) 

, where  is an instantaneous sound pressure at time  [ms]. In addition, an EDT is derived 
from decay curve  shown follows 

 (2) 

, where  is IR. The EDT is determined by multiplying the time taken for 10 dB attenuation 
on the decay curve by six. These acoustic parameters are known effect to conversation in living 
rooms (4). 

2.4 SLAM 
SLAM (simultaneous localization and mapping) of the measurement robot is powered by 

RTAB-Map (5) that can output a map as 3D point cloud data. SLAM which is widely used for 
navigation tasks provides information where robot is and a map of the surrounding environment. 
Proposed system utilizes the self-localization result to record measurement point and draw acoustic 
information on the mapping result. 

Proposed mapping system draw circles filled a color converted from room acoustic parameters on 
the map generated by SLAM. 
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3. MEASUREMENT EXPERIMENT 

3.1 Condition of experiment 

 
Figure 4 – The experiment environment and the measurement robot. 

 

  
Figure 5 – The condition of experiment environment. 

(left: the room layout, right: flowchart of the experiment) 

 
Measurement experiment was performed at a meeting room shown as Figure 4, 5 (left) in Chiba 

Institute of Technology. The 20 markers indicate points where the measurement robot moves to for 
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examination of position detection accuracy. 
Figure 5 (right) shows a flow of measurement experiment. In these processes, we moved the 

measuring robot by remote control. At first, it is necessary to obtain approximate room shape for 
accurate self-localization and mapping. Once before acoustic measurement, we moved the 
measurement robot evenly in the room to generate a map. Note that all steps shown as Figure 4 
(right) took about 20 minutes. 

3.2 Accuracy of localization detection 
The markers shown in Figure 5 (left) indicate a point where the measurement robot moves to for 

examination of position detection accuracy. Figure 5 shows measurement steps and errors of detected 
position intervals and marker intervals. From figure 6, position detection accuracy is enough for 
visualization because errors are less than 210[mm]; this value is narrower than the width of a typical 
chair. 

 
Figure 6 – errors of position detection by measurement steps. 

3.3 Acoustic parameters mapping 

   
Figure 7 – visualization result as room acoustic parameters maps. (left: C50, right: EDT) 

Figure 7 shows distribution maps of room acoustic parameters. The results obtained are 
reasonable as they are consistent with the general finding that the longer the EDT, the lower the C50. 
It was found that there are relatively large differences in acoustic parameters even at adjacent seats. 
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4. DISCUSSION 
We showed that it is possible to generate a map about room acoustic parameters by automatic 

location information acquisition with SLAM. This finding, while preliminary, suggest that adding 
mobility to acoustic equipment is meaningful for visualization of measurement results. 

The distribution of room acoustic parameters drawn on environment map clarified that the 
hearing differs between the seats. This supports that suggested necessary of location information in 
previous studies of visualization of sound field.  

5. CONCLUSIONS 
In this paper, the goal was to assess the efficacy of adding mobility to acoustic equipment for 

measurement. Thus we proposed using mobile robot to move a sound receiving point and visualized 
measurement result as a distribution maps.   

Further studies of presentation of acoustic information need to be undertaken because we could 
not discuss validity of 2D distribution expression.   
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Blind estimation of reverberation time by neural networks
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ABSTRACT
In this paper we investigate a procedure for blind estimation of room reverberation time, that is, without a
priori knowledge of the room impulse response. A neural network based method is proposed, which is robust
to noise and to abrupt variations over time of the acquired signal. The input features of the neural network
are calculated in the frequency domain, where training samples are generated in the Mel scale. A competent
network architecture (i.e., with appropriate number and type of hidden layers and number of neurons comprising
each layer), as well as the best training algorithm and regularization technique, are investigated. The use of
cross-entropy error during training gives better results than those obtained by mean squared error. Comparative
results are presented, considering two previously proposed blind methods: a deep neural network technique and
a spectral decay distribution method.

Keywords: Reverberation Time, Neural Network, Power Spectral Density

1 INTRODUCTION
The reverberation time (RT60) in a room is defined as the time the sound takes to decay 60 dB after the
interruption of the sound emission. Its estimation is an important task in the characterization of sound quality
of closed spaces. It contributes to the assessment of the quality and intelligibility of audio signals obtained
from reverberant environments, and to the improvement of audio processing algorithms and speech recognition
methods.

The reverberation time was initially calculated by Sabine [1], through the information of geometry of the
environment and coefficients of absorption of the surfaces that compose the environment. If such information is
not available, a controlled test signal can be generated to estimate the RT60 based on the noise-canceling method
[2], or by the Schoroeder integration curve method [3], which uses the measured Room Impulse Response
(RIR). Since the RIR may not be available, and the test signal may be difficult to implement, other ways of
computing the RT60 have to be explored. Thus, in many applications it becomes necessary to determine the
RT60 only from the recorded speech signal.

Several approaches have been proposed for the estimation of the RT60, among which there are some methods
that use maximum likelihood (ML) to model the decay of the reverberant signal [4], [5] and others that apply
the reverberant signal decay distribution (Spectral Decay Distribution - SDD), calculated through the energy en-
velope of the RIR [6]. There are also techniques that use the frequency domain by modeling the power spectral
density (PSD) through an IIR filter, whose pole is related to the reverberation time [7]. Finally, some papers
use Machine Learning (ML) techniques, such as Deep Neural Networks (DNN) [8]. These techniques have
already demonstrated significant improvement in problem solving such as voice recognition, pattern recognition
in images and estimation of arrival direction [2].

In this work, the estimation of the reverberation time in a room is treated as a problem of mapping the
reverberant signal to an estimate of the RT60 using DNN, based on the work reported in [2]. A classification
network is used to select the most likely RT60, given an input vector formed by the concatenation of the Mel
∗rodrigolp01@gmail.com
†mariane@pads.ufrj.br
‡julio@poli.ufrj.br
§antonio@pads.ufrj.br
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coefficients [9] of the reverberant signal. The reverberant signals were generated from simulated RIRs by the
image method [10], and the addition of Gaussian white noise with different signal-to-noise ratios (SNRs). The
results obtained with the implementation of the method based on DNN are compared to those achieved by
the algorithms considered state-of-the-art techniques. In this work the same RT60 is assumed for all frequency
bands, which is a simplification adopted for all implemented methods.

2 PROBLEM FORMULATION
A signal y(n) recorded in a room consists of a direct sound s(n), followed by reverberation x(n) and possibly
involved in noise v(n), which can be expressed as

y(n) = s(n)+ x(n)+ v(n), (1)

where n is the discrete-time index. The reverberant signal x(n) can be expressed as

x(n) = h(n)∗ s(n), (2)

where ∗ is the convolution operator and h(n) represents the room impulse response (RIR). According to the
Polack model [2], [7], the RIR can be described as one realization of the stochastic process

h(n) = b(n)e−ηn, n≥ 0, (3)

where b(n) is a zero mean Gaussian noise with variance σ2
b , which defines the RIR structure modulated by an

exponential function with decay rate η . This rate is defined as [7]

η =
3ln(10)
RT60 fs

, (4)

where fs is the sampling frequency.
The decay rate η can be estimated by applying a linear fit to the natural logarithm of the time-frequency en-

ergy envelope. In [6] the decay rate of the energy envelope is blindly estimated from the observed reverberation
speech signal in the short-time Fourier transform domain, using a property of the spectral decay distribution.

The method that applies neural networks also separates the signal into frames, but instead of using this
information directly, the frames are transformed through coefficients of the Mel frequency scale [2]. These
coefficients are used as input data for the neural network training, which will learn to estimate the reverberation
time associated with the frame. In this way, several frames are concatenated until they form a signal segment
large enough for the estimation to be performed.

3 REVERBERATION TIME ESTIMATION BY NEURAL NETWORKS
In this section the blind and supervised method for estimating RT60 based on deep neural networks (DNN)
is presented. The method maps portions of an input signal into a value corresponding to the RT60 estimate.
A sorting network with multiple outputs is used, where each output represents a set of RT60 values. Thus,
given the input samples, the network selects one of the outputs as the most likely to be the class associated
with the range of reverberation time values of the environment, and from the index of that output provides the
estimated value of RT60. The main motivation for using deep neural networks lies in their ability to generalize
the learning process, thereby efficiently modeling complex problems. The DNN architecture employed in this
work comprises an input layer, three hidden layers, and an output layer. In this section, the input, output and
training data of the deep neural network will be presented.
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3.1 Input Data
As input parameters, we used the coefficients obtained by passing the input signal through a filter bank on the
Mel scale (Log Mel Filterbank Energies- LMFBE) [2, 8, 6]. This choice is due to the property that the Mel
scale correctly represents the response of the human auditory system. The steps for generating the features, or
input data, are described below [2, 9]. It is assumed that the signals are all sampled at the rate of 16 kHz.

1. Initially a pre-emphasis filter is applied to the reverberant speech signal, with coefficient α = 0.97, that
is,

y(n) = x(n)−αx(n−1);

2. The signal is then divided into frames of 25ms, with 40% overlap;

3. The Hamming window

w(n) = 0.54−0.46cos(
2πn

N−1
),

is applied to each frame, where N is the window size;

4. The Fast Fourier Transform (FFT) of length 512 is applied to each frame in order to compute the power
spectrum by

P =
|FFT (xi)|2

N
,

where xi is the i-th frame of the signal x. Finally, a bank of 23 triangular filters T256x23 of 256 coefficients
is applied to the power spectrum of each frame. Turning each frame F1x23 into an array of 23 coefficients,
that is,

F1x23 = f1x256×T256x23.

Still with each frame, the base 10 logarithm is applied and the mean is removed for spectrum balancing
and improvement on the signal-to-noise ratio [9].

In order to obtain the mapping between the LMFBE coefficients and the RT60, it is necessary to concatenate
a sufficient number of frames. Thus, a sequence of 51 continuous frames, proportional to the longer time to be
estimated, is created as the input vector for DNN.

3.2 Output Data
It is usual to treat the estimation as a regression problem. DNN can be trained to minimize the mean squared
error (MSE) between the predicted and the true RT60 of the training set. However, according to [2], such
regression solution tends to generate high estimation errors within the range where RT60 is estimated. Thus, the
predicted value is skewed around the center of the training reverberation time scale. This issue is a direct result
of the regression choice as a way of treating the problem, and of the use of the MSE as a cost function for
DNN training. To avoid this difficulty, we can treat the estimation as a classification problem, where we divide
the values of RT60, on the scale from 0.1 s to 1.0 s, into 19 bins, one per class for each bin [2]. We then have,
for example, the output vector y = [0 1 0 · · · 0]T in case the value 175 ms is the true RT60.

3.3 Neural Network Training
With defined network input and output parameters, the DNN is trained to learn the best mapping from the input
values to the output values. For each hidden layer of the network, the data undergoes an affine transformation
through the weight matrix and the bias vector, and then by the sigmoid activation function. The last layer
generates the output vector of the DNN using the softmax function. In this way, the output vector is given by
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p = [p1(ot), . . . , pN(ot)]
T , where pi(ot) is the a posteriori probability of the i-th bin given the input feature ot,

N is the number of RT60 classes/bins and t is the frame index. The value of RT60 is then estimated by [2]

R̂T 60 =
∑

j+1
i= j−1 pi(ot)ci

∑
j+1
i= j−1 pi(ot)

, (5)

where ci is the center of the i-th bin.
There is a compromise between the width of the bin and the number of classes. The larger the bin width,

the more accurate the classification, but the worse the RT60 resolution. A total of 19 bins were used to cover
the interval from 0.2 s to 1.0 s, with a bin of 0.042 s width, according to [2].

4 METHODOLOGY AND SIMULATIONS
In this section, the procedures for generating the network training and validation data, the methodology used
for network calibration, and the simulated experiments for the evaluation of the algorithms will be presented.

4.1 Database Generation
A set of data was generated for training and validation of the estimating algorithms of RT 60 through the
VCTK-Corpus database. For the generation of impulse responses (RIRs) we applied the image method, for
which 7 parameters were used: sound velocity in m/s, sampling frequency in samples/s, receiver position,
source position and room dimension in [x, y, z] m, reverberation time in s, and number of samples.

A methodology was chosen so as to vary the parameters of the imaging method, and thus to generate
different RIRs. In this procedure, 3 different room sizes were defined: small room d = [4,3,4] m, average room
d = [6,4,4] m and large room d = [10,7,4] m. Two possible distances between source and receiver, that is,
close (1.5m) and distant (3.0m), were adopted. For sound velocity and sampling frequency, the values c = 340
m/s and fs = 16 kHz, respectively, were set.

The positioning of both the source s and the receiver r were chosen to start at [2,2,2] m. Then, an orien-
tation to be altered is chosen randomly, which may either be x or y. The distance between source and receiver
were randomly chosen as well. Finally, the displacement was applied to the position of the receiver, thereby
verifying the room size, so that the receiver would not remain at an invalid position.

For the generation of training and test data, 3 second voice frames were used, generating a total of 9,586
voice files of 152 different people. From this amount of files, approximately 5% (479 files) were used for
generating the final results, which contained voice signals from people who participated in the training and
from people who did not participate. Data from the remaining 9,107 files were used for network calibration,
separated into sets containing 70% for training, 15% for validation, and 15% for testing. The following steps
were applied in order to generate the network input data:

1. Resample the speech signal at the rate of 16 kHz, and obtain a 3 s segment, with the removal of the
initial silence part;

2. Convolve the signal segment with the RIR generated by the image method to obtain the reverberant signal.
The RIR is generated by random selection of the following parameters: RT60 from 0.2 to 1.0 s, room size
and distance between source and receiver;

3. Scale the signal to the range of [0,1];

4. Add white Gaussian noise to the reverberant signal, whose level in dB is also chosen randomly among
the following values: [0,5,10,30] dB for the training signals, and [−10,0,10,20] dB for the test signals;

5. Generate the Mel coefficients as explained above, as well as the output vectors. This step is performed 5
times on the same signal, in order to generate additional data for training and validation.
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This generation was made in such a way as to guarantee a data balance between classes. The methodology
applied to evaluate the results are presented below.

4.2 Training Procedures and Comparison among Models
In this work the following network architecture was adopted by means of exploring and proposing improvements
to the method presented in [2]: (1) number of neurons of the input layer equal to the size of the input vector;
(2) update of the weights and bias by the backpropagation algorithm with momentum and adaptive learning rate;
(3) MSE and cross-entropy cost functions; (4) learning rate, number of neurons (in the range of [25,400]) and
regularization values to be defined in the network calibration. Accordingly, the network calibration must provide
the optimal values of number of hidden layer neurons, cost function type, learning rate value and regularization
value. Comparison between MSE and cross-entropy networks was also performed, where the other parameters
were tested until the best configuration was obtained for each network model. The best result considered in the
calibration process corresponds to the one that generated the smallest mean square error, whereas comparisons
with the other models proposed in the literature correspond to the average absolute error (which are the metrics
available in the other works).

The following are the steps of the calibration process of the two network models:

1. Initially we sought the best learning rate lr from [10−1,10−2,10−3,10−4] for 5 different networks, varying
the number of neurons h among [25,50,100,200,400].

2. After obtaining lr, the regularization λ is included, with values among [10−1,10−2,10−3,10−4], using the
best 3 values of h.

3. At this point, for each type of cost function, there are 3 network settings. The best of each is selected,
obtaining a network configuration for each type.

4. The final comparison is performed by evaluating the absolute mean error for different room sizes, distance
between the source and the receiver, and noise levels.

The selected model was compared to SDD and DNN reference methods, for different room sizes and noise
levels. The RIRs were generated according to Eq. (3), where b(n) is a stochastic process with variance σ2

b = 0.1.
The following 6 values of RT60 were used to generate the synthetic RIRs: [0.2,0.33,0.42,0.6,0.82,1.0] s. Two
voice signals (one female and one male) sampled at 16 kHz and two SNR values (0 dB and 20 dB) were
employed.

The next section presents training results, generated from the methodology described above, and comparative
conclusions with the other methods.

5 RESULTS
5.1 Network Selection
The networks were trained with either 5000 or 10000 runs. If convergence had not yet been observed with
5000 runs, training was continued up to 10000 runs. Figure 1 shows the convergence behaviors for the MSE
and Cross-Entropy networks containing 200 neurons.

Tables 1 and 2 display the MSE values obtained after convergence for the MSE and Cross-Entropy networks,
respectively, for different values of lr. The highlighted values correspond to the 3 smallest MSEs obtained. The
term "tuned" refers to the automatic updating of the lr parameter.

Tables 3 and 4 show the MSE values obtained after convergence for the MSE and Cross-Entropy networks,
respectively, for different values of λ and employing the tuned lr values. The highlighted values correspond to
the smallest MSEs obtained.
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Figure 1. Convergence of MSE and Cross-Entropy networks for lr calibration.

Table 1. MSEs after convergence of the MSE network for different lr values.

# neurons lr tuned 10−1 10−2 10−3 10−4

25 0.0558 0.0821 0.1157 0.0884 0.0888
50 0.0517 0.0751 0.0998 0.0973 0.1359
100 0.0554 0.0754 0.0853 0.0816 0.0736
200 0.0530 0.0726 0.0809 0.0859 0.0887
400 0.0673 0.0802 0.0762 0.0893 0.0642

Table 2. MSEs after convergence of the Cross-Entropy network for different lr values.

# neurons lr tuned 10−1 10−2 10−3 10−4

25 0.0427 0.0691 0.0802 0.0820 0.2139
50 0.0413 0.0729 0.0787 0.0896 0.0957
100 0.0425 0.0733 0.0757 0.0801 0.0796
200 0.0511 0.0638 0.0749 0.0861 0.0805
400 0.0544 0.0643 0.0769 0.0799 0.0822

Table 3. MSEs after convergence of the MSE network for different λ values.

# neurons λ 10−1 10−2 10−3 10−4

50 0.0522 0.0488 0.0509 0.0494
100 0.0530 0.0549 0.0563 0.0613
200 0.0581 0.0605 0.0604 0.0534

Table 4. MSEs after convergence of the Cross-Entropy network for different λ values.

# neurons λ 10−1 10−2 10−3 10−4

25 0.0431 0.0428 0.0394 0.0427
50 0.0408 0.0428 0.0441 0.0476

100 0.0492 0.0433 0.0435 0.0438

Tables 5 and 6 contain the MAE values and the corresponding standard-deviations of the best MSE and
Cross-Entropy networks, respectively, for different room sizes, source-receiver distances, and noise levels. It
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Table 5. MAEs and their standard-deviation after convergence for the proposed MSE network.

ROOM DIST SNR Mean Error-10 dB 0 dB 10 dB 20 dB 30 dB

Small Close 0.303±0.177 0.151±0.101 0.140±0.093 0.122±0.072 0.135±0.086 0.175±0.119
Distant 0.294±0.173 0.176±0.107 0.129±0.083 0.125±0.078 0.105±0.066 0.166±0.114

Average Close 0.294±0.175 0.179±0.113 0.135±0.085 0.136±0.088 0.112±0.078 0.164±0.116
Distant 0.293±0.189 0.202±0.122 0.126±0.083 0.126±0.083 0.124±0.0811 0.174±0.122

Large Close 0.305±0.176 0.156±0.099 0.146±0.098 0.133±0.086 0.133±0.090 0.159±0.110
Distant 0.282±0.177 0.160±0.101 0.129±0.082 0.111±0.084 0.114±0.081 0.151±0.110

Mean Noise 0.295±0.177 0.168±0.106 0.132±0.087 0.125±0.082 0.117±0.079 0.164±0.115

Table 6. MAEs and their standard-deviations after convergence for the Cross-Entropy network.

ROOM DIST SNR MEan Error-10 dB 0 dB 10 dB 20 dB 30 dB

Small Close 0.238±0.134 0.156±0.092 0.132±0.088 0.126±0.075 0.131±0.082 0.162±0.106
Distant 0.228±0.132 0.168±0.099 0.123±0.087 0.124±0.080 0.103±0.068 0.152±0.103

Average Close 0.243±0.124 0.170±0.101 0.132±0.083 0.138±0.089 0.107±0.072 0.153±0.101
Distant 0.234±0.134 0.185±0.103 0.125±0.082 0.117±0.088 0.136±0.086 0.162±0.110

Large Close 0.244±0.146 0.144±0.092 0.143±0.093 0.129±0.082 0.133±0.086 0.150±0.100
Distant 0.221±0.125 0.140±0.087 0.121±0.088 0.119±0.079 0.112±0.071 0.140±0.094

Mean Noise 0.235±0.134 0.159±0.097 0.128±0.084 0.122±0.079 0.116±0.074 0.153±0.108

can be observed that the lowest MAE values were obtained for the "Large Room and Distant Source-Receiver"
scenario for both networks. The Cross-Entropy network resulted in the smallest errors in all scenarios. It can
also be noticed that the errors associated with the variation of noise level do not change abruptly, which is
due to the robustness of the methods that use spectral information. In view of the results, the Cross-Entropy
network model was chosen as the proposed model to be compared with the other blind and non-blind reference
procedures.

5.2 Comparative Results
Figure 2 presents the MAE values obtained with the proposed Cross-Entropy network, DNN reference network
[2], and with the SDD technique. The Cross-Entropy network presented lowest average error for all config-

Figure 2. MAEs of SDD, proposed and reference DNN networks for different room sizes, source-receiver
distances and noise levels.

urations when compared to the SDD approach, but worse than those obtained by the reference network. No
information was provided in [2], such as number of neurons, use of regularization, algorithms for updating
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weights and polarizations and the parameters used in the generation of RIRs by the image method. Therefore,
the comparison with this method may not be fair.

6 CONCLUSION
The present work aimed to investigate the possibility of using neural networks for the estimation of rever-
beration time, by comparing their results with those of the SDD method and another DNN network, whose
information was used to start the calibration of the proposed model. A methodology was created for the net-
work calibration, where it was chosen to explore the use of cross-entropy cost function, commonly applied
in classification networks. In this context, several parameter values were obtained experimentally, such as the
number of neurons, the weight and bias updating algorithm, and the use of regularization and preprocessing of
input data. The choice was made considering the smallest mean squared error. Regarding the model selection,
this choice was made after evaluating the architecture that had the lowest mean absolute error, so as to be
compatible with the results of the reference methods, in several configurations of room sizes, source-receiver
distances, noise levels and ranges of RT60. It was observed that, in almost all configurations, the cross-entropy
network was the one that generated the lowest values of MAE and was therefore chosen for comparison with
the other approaches. The network obtained in this study presented similar results as those of the SDD method,
being higher in the average. In conclusion, the performed experiments confirmed the capacity of the neural
networks for the estimation of the reverberation time, in a range of 0.2 s to 1 s, for different room conditions
and signal-to-noise ratios. As future proposals we intend to explore new network topologies, such as recurrent
and convolutional, and estimate other parameters, such as Early Decay Time (EDT), Speech Clarity Index (SCI)
and Direct Reverberant Energy Ratio (DRR).
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ABSTRACT 
Billiards are used to explore dynamical systems. The mathematical literature focusses on idealised physics 
and simple shapes like the Bunimovich stadium. Real enclosures where sound waves created by such shapes 
exhibit strong audible artefacts are uncommon. Also, billiard modelling is a high frequency approximation 
and diffraction is often important in rooms. Notwithstanding, some rare real-life acoustic billiards where the 
effects of closed-orbits are clearly audible have been found and examined with simulations and 
measurements. The abandoned Thurgoland railway tunnel in Yorkshire, UK has an extraordinary metallic 
flutter in its long reverberant decay. A booking hall in the National Theatre railway station in Oslo has a very 
strong warble, and sounds different to the flutter echo heard in a simple cylindrical space. Both spaces feature 
concave geometries: the Thurgoland tunnel has a horseshoe-shaped cross-section, whereas the Oslo station is 
a distorted cylinder in plan with a corrugated domed roof. Ray-tracing reveals closed orbits, which lead to 
repeated reflections and marked flutter echoes in both spaces. Examining the angles of the rays arriving at the 
receiver, and the autocorrelation of the impulse response envelope, provides further evidence of 
non-diffuseness. A Boundary Element Method is used to explore diffraction within the Thurgoland tunnel. 
 
Keywords: Billiards, Flutter echo 

1. INTRODUCTION 
Flutter echoes caused by repetitive reflection paths are commonly heard in spaces such as stairwells  

or lecture theatres with parallel, smooth, large reflective surfaces. 1  Probably the most common 
audible artefact is colouration caused by the amplification of selected mid-high frequency 
components.2 These are usually harmonics of the repetition pitch fundamental .3 This paper explores 
spaces where the flutter echoes are unusually marked with distinct temporal fluctuations. 

The spaces are considered as mathematical billiards.4 These are systems that can be used to explore 
aspects of dynamic systems such as chaotic behavior. For acoustic waves, an enclosed space is 
modelled as a billiard with perfectly reflective surfaces. The sound is modelled in the high frequency 
limit as billiard balls. By following the path of the balls and applying the Law of Reflection (angle of 
incidence = angle of reflection), systems display different behaviour depending on the shape of the 
boundary. A classic example is the Bunimovich stadium, which has two parallel sides capped at each 
end by semi-circular boundaries. This geometry displays ergodic behaviour - almost all paths explore 
almost all positions on perimeter and angles of reflection. Most of the billiard geometries considered 
in the literature are far removed from everyday architectural acoustic spaces. 

This paper brings together mathematical billiards, psychoacoustics and room acoustic models to 
examine real enclosures that have unusual temporal artefacts. The enclosures are explored by 
measurement, ray-tracing and boundary element method (BEM). The ray-tracing is equivalent to the 
classic billiard ball modelling used within the mathematical literature. BEM allows an exploration of 
what happens when sound is properly modelled as a wave. The interest here is in audible artefacts, so 
bringing in knowledge from psychoacoustics is vital.    
  

                                                        
1 t.j.cox@salford.ac.uk 
2 r.j.hughes@salford.ac.uk 
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2. THURGOLAND TUNNEL 

2.1 History 
This tunnel was part of the Manchester, Sheffield and Lincolnshire railway. Constructed in 1946-8, 

the 275m tunnel has a horseshoe shape cross-section - see Figure 1.5 The tunnel was blasted and 
excavated, before being lined with concrete 23-46 cm thick. This was done by pumping concrete 
between the bedrock and steel shuttering, resulting in a smooth concave internal surface. It is now part 
of the National Cycle Network in the UK. The floor has a central tarmac path with aggregate to either 
side. In the modelling the aggregate was treated as a hard surface, because the floor plays only a 
secondary role in creating the temporal flutter. 

 

 

2.2 Measurements 
Impulse responses were measured using thirty-second swept sine waves.6 The loudspeaker was a 

B&O Beolit; the microphone a NTI Audio M4261 and the interface to the computer was via a Focusrite 
Scarlett 2i2 soundcard. See Table 1 for source and receiver positions. The tunnel is continuously used 
as a cycle way, and so this limited the sound levels that could be used for measurement. Furthermore, 
natural sounds from outside the tunnel also increased the background noise. Table 2 shows the 
reverberation times measured in the tunnel based on 8 measurement positions. Other results will be 
presented just for receiver 2, because this position is where the temporal fluctuation is most 
pronounced for the positions measured. Note, the space is highly non-diffuse, and consequently the 
reverberant decays are distinctly non-linear. Given the heavy wall-construction, at mid-high frequency 
air absorption plays an important role in determining the reverberation time. The smooth surfaces are 
also important, because scattering would promote more reflections perpendicular to the tunnel length, 
reducing the mean free path and so reducing the decay time.7 

 
  

Figure 1 Cross-section through Thurgoland railway tunnel (After Concrete5)  
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Table 1 – (x,y) source and receiver positions, where (0,0) is in the middle of the floor. The source and receiver 
were displaced by 1, 2 or 4m in the z-direction (along length of tunnel) 

Position x (horizontal) y (vertical) 

Source 0 1.2 

Receiver 1 0 1.2 

Receiver 2 -1.2 1.2 

Receiver 3 0 2 

Receiver 4 -1.2 2 
 

Table 2 – Average reverberation time and 95% confidence intervals in Thurgoland Tunnel 
Frequency (Hz) 125 250 500 1000 2000 4000 8000 

T25 (s) 13 ± 1 26 ± 4 22 ± 1 10 ± 1 6.0 ± 0.5 2.8 ± 0.2 0.90± 0.04 
 

Figure 2 shows a smoothed envelope of the broadband impulse response for receiver 2. This was 
formed by calculating the envelope of the impulse response using a Hilbert transform, and applying an 
exponential filter with a time constant of 10 ms.1 The regular bumps in the decaying sound give rise to 
the temporal warble. The literature1,2 reports that reflections with delays between roughly 25 and 50 
ms produce temporal flutter, with delays much longer having potential to create audible discrete 
echoes. In this case the temporal modulation is spaced at 63 ms. 

 
Figure 3 shows the autocorrelation of the impulse response envelopes. This is done to explore 

repetitive temporal structure in the envelope. Before calculating the autocorrelation function, the 
impulse response envelopes were high pass filtered (1st order Butterworth, -3dB point = 50 Hz) to 
remove the general decay of sound so the envelope fluctuations are clear. The broad peak at ≈60 ms is 
present because of the flutter. 

2.3 Ray-tracing 
As the tunnel is long and has constant profile, it was assumed that the temporal flutter is caused by 

the cross-section geometry and therefore 2D ray-tracing would be sufficient. The distance and angles 
to 43 positions on the cross-section were obtained using a laser measurer (Bosch GLM 80). A curve fit 
was then used to create the geometry used in the predictions. Pure ray-tracing was implemented 
without any scattering. The absorption coefficient of the walls was set so the decay time of the 
prediction matched the average measured reverberation time in each octave band. 

Figure 2, Broadband smoothed envelope of measured and modelled impulse responses. Each envelope is 
normalised to its maximum value. 
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Figures 2 and 3 included ray tracing results. While the model correctly predicts the rate of the 

temporal flutter, the modulation is stronger than in the measurement. This is to be expected as 
propagation along the length of the tunnel is being neglected in the model. In the real tunnel, sound 
will return to the microphone from different positions along the length of the tunnel due to diffraction, 
leading to the reflections being more smeared overtime, and therefore weakening the temporal flutter. 
Note, the measurements had a stronger direct sound due to the source not being omni -directional. 

 
Figure 4 shows the ray-tracing path for one ray with different reflection orders and different initial 

angles. The left plot illustrates how the geometry creates closed-orbit paths where the ray arrives at the 
receiver at regular intervals creating a flutter echo. As the middle plot shows, the number of reflections 
modelled has to be extended to one-thousand to get the ray breaking out from the predominantly 
horizontal orbits and reaching the ceiling. The right plot has a ray starting at an angle 10° different 
from the other plots. For this path, the ray visits different parts of the surface after only order 40.  

These plots illustrate some important features of the geometry that create the temporal flutter. First, 
an audible temporal effect needs repeated delays of greater than roughly 25ms (path length of 8.5m). If 
the sound was being focussed to the receiver every reflection, the delay would be too short for the 
perceived effect. The bowed shape of the tunnel creates paths that traverse the width more than once 
before returning to the receiver. A second important feature is there is a relatively broad range of 
angles over which these closed-orbit paths exist. This means that for an omnidirectonal sound source, 

Figure 4. The path of one ray. Source: green cross. Receiver: magenta circle. Left: 15 reflections, initial angle 
180.3°; Middle, 1000 reflection; 180.3°; Right initial angle 170.3° 40 reflections. 

Figure 3 Broadband autocorrelation of high-pass filtered impulse response envelopes. 

4628



 

 

there is sufficient energy traversing closed-orbit paths to make the flutter audible above other 
reflections that are following more random paths. Finally, these closed-orbit paths last to a high 
reflection order, which is one reason that the temporal flutter is heard within the reverberant sound  
field. The behaviour is similar to that seen in rooms with domed roofs, where the focal point of the 
dome is below the floor.8 

 
In mathematical billiards,4,9 a common way of analysing a space is to plot the angle of reflection of 

the billiard balls (or rays) vs the position on the surface (ignoring the strength of the reflections). Such 
a plot is shown in Figure 5. The x-axis is element number of the discretized surface.  The reflections 
from the floor have random angle. The two ‘holes’ correspond to elements roughly two meters above 
the floor on either side. These are evidence of closed-orbits. If the ray-tracing was continued to a 
higher order, then these holes would disappear. 

 
As Figure 4 illustrated, the rays continue in these closed-loops for a certain number of reflections, 

before finally being reflected upwards or downwards sufficiently to escape the closed-loops. They are 
unstable paths. Subsequently, the ray path becomes unpredictable and the billiard shows chaotic 
properties. Like the Bunimovich stadium, Thurgoland tunnel shows ergodic motion. 

Figure 6 shows a plot of estimated image sources. This was constructed from the arrival time and 
angle of the rays at the receiver. This shows two regular rings of image sources that create the periodic 

Figure 6 Plot of reconstructed image sources. The tunnel is shown in red in the centre of the plot. 

Figure 5 Reflection angle to surface normal vs element number. The elements are numbered in a clockwise 
direction starting from the bottom left corner of Figure 4. 200 rays traced up to order 400 
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orbits and flutter echo. The smaller spacing between the double rings is too small to create perceived 
temporal flutter. It is the larger spacings between the rings of image sources that is responsible.  

2.4 Wave-based modelling 
Diffraction plays an important role in room acoustics when geometries become similar in size to 

wavelength. This is investigated using a 2D BEM model of the cross-section.10 The frequency-domain 
pressures are laborious calculated for the entire spectrum and an inverse Fourier Transform used to 
recover the impulse response. Two filters were applied before the inverse Fourier Transform: (1) a low 
pass filter to reduce time aliasing (Chebychev, 2nd order, 1dB ripple, -3dB point = 3200 Hz) and (2) a 
high pass filter (Butterworth, 1st order, -3dB point= 50Hz). To reduce computation time: (1) the 
sampling frequency was 8000 Hz, and (2) the surface admittance was set to give the measured 
reverberation times, capped at a maximum value of ten seconds. The length of the Fourier Transform 
was sufficient to simulate a decay of 60 dB. 

Figures 2 and 3 showed the BEM impulse response envelope and its autocorrelation function. The 
results are similar to that obtained by the ray tracing. This indicates that the temporal flutter is not 
strongly influenced by diffraction effects. 

3. Booking Hall, National Theatre Station, Oslo 
The booking hall at the Parkveien Exit of the National Theatre Station in Oslo was designed by 

Architect Arne Eggen; it is shown in Figure 7. He remarked in an interview to the first author, “I knew 
that there would be a flutter echo, but not that it would be that strong and attract interest, even after 15 
years.” The warble is so strong that a plaque was added to the middle of the floor to celebrate this 
accidental ‘Akustisk Skulptur.’ 

 
  

 
 
 
 

3.1 Measurements 
The dimensions of the space were provided by the architect. The acoustic measurements were 

unfortunately relatively rudimentary; at the time, these were no intention of doing a detailed acoustic 
analysis. Four balloon bursts were recorded on an Edirol R-09 using its built-in microphones. The 
source and receiver positions were roughly the same for every balloon burst and are marked on the plan 
and section. Reverberation times are shown in Table 3. With similar source and receiver position being 
used for every measurement, the standard deviations are small.  

On first inspection of the drawings and photograph, there are several possible causes of the 
temporal flutter. What is responsible: the corrugated ceiling? the domed roof? Or the two 
semi-cylinder radii visible in the plan view? 

Figure 7 The Oslo booking hall. Top right plan (exits and entrances not included), bottom right section. 
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Table 3 – Average reverberation time and 95% confidence intervals in the Oslo Booking Hall. 
Frequency (Hz) 125 250 500 1000 2000 4000 8000 

T25 (s) 23 ± 2 19 ± 1 9 ± 1 2.2 ± 0.4 1.2 ± 0.1 0.99 ± 0.03 0.66 ± 0.03 
 

3.2 Corrugated ceiling 
Staircase structures are known to create chirps through repetition pitch.2 Examining the measured 

impulse responses, there are broad peaks either around 1,700 and/or 2,600 Hz (varies between 
measurements). It seems likely these arise due to amplification by the room rather than inherent 
resonances of the balloon source. Could these be caused by the corrugations? A simple model was 
constructed that calculated the expected first-order arrival times for sound reflecting from each corner 
of the corrugations. This was done for both the source and the image source created by the floor. The 
reciprocal of the difference in the arrival times was used to estimate likely repetition pitch. This 
indicated repetition pitch effects around 1,500 Hz and 2,200 Hz. Consequently, the corrugated ceiling 
is probably the cause of the peaks in the measured spectra. This also means the corrugations, because 
the delays between reflections are too short. 

In section, the Booking Hall has similarities to the Thurgoland tunnel (consider the booking hall 
section rotated by ninety degrees and mirror-imaged in the floor). There are concave surfaces and 
source and receiver positions not at the focal point. However, the Booking Hall has a highly corrugated 
ceiling. 2D ray-tracing were carried out for the Booking Hall with a smooth concave ceiling and with 
the corrugations properly modelled. While temporal flutter is created for the smooth ceiling, there was 
poor correspondence with the measurements. The presence of the corrugations in the model 
completely removed the temporal flutter creating a smooth decaying impulse response.  The 
implication of this is that the temporal flutter in the booking hall is driven by the concave surfaces seen 
in the plan rather than the dome. 

3.3 2D Ray-tracing of plan 
The billiard modelled is shown in Figure 7 (top right). The exit that can be seen on the right of the 

photograph was modelled as a completely absorbing surface. Figure 8 shows the envelope and 
autocorrelation of the envelope for a ray-tracing of the floor plan. This 2D model captures the temporal 
flutter correctly, although the rate of modulation is not predicted correctly. For example, the first side 
lobe peak in the measurement is at 49ms, whereas in the 2D simulation this is at 40ms. In the 2D 
simulation, sound is forced to remain in a single plane and thus the repetition paths are the shortest 
they can be. In the real space, focussed reflections from the side walls can return by longer routes (e.g. 
by also reflecting off the floor), and so increasing the possible time between repeated reflections.  

Figure 9 shows the reflection angle verses element number. For a source in the middle, zero 
dimensional orbits are created with the sound repeatedly following radial paths. (The small spread 
around zero degrees is because the curved surface was modelled as a large number of facets and the 
ray-tracing receiver is finite in extent.) The two different radii (Figure  7 right) leads to two repeat 
times, and hence the autocorrelation of the envelope shows double peaks for the first side lobe.  

4. CONCLUSIONS 
Two sonic curiosities have been investigated that have strong temporal flutter in the impulse 

response. Both feature constructions that lead to long reverberation times and convex surfaces that 
create focusing. 

It is the horseshoe shape of the Thurgoland tunnel that creates a complex temporal warble. The 
phenomenon is not a single flutter but a complex mixture of invariant deterministic orbits and closed 
orbits. These orbits retain greater energy than the surrounding diffuse energy due to the focusing 
effects of the smooth curved boundaries. The complex paths mean that the flutter sounds different to a 
simple repeating pattern that might be heard at the centre of a large sphere. 

The Oslo Booking Hall floor plan consists of two semi-cylinders of different radii. This feature is 
primarily responsible for the complex temporal flutter via zero dimensional orbits with sound 
repeatedly following radial paths. The corrugated domed roof may play a role in modifying the 
temporal flutter, but to understand this requires 3D modelling. Unfortunately, ray -tracing models are 
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not well suited to model the corrugation that produces scattering, especially one that does not follow a 
lambert distribution and produce mainly radial scattering. 

Figure 8, Left: Broadband smoothed envelope of measured and modelled impulse responses. Each 
envelope is normalised to its maximum value. Right: Autocorrelation of the envelope 

Figure 10. Reflection angle to surface normal vs element number. The elements are numbered in a clockwise 
direction starting from the element at -72º. 1000 rays traced up to order 500 
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Abstract
The sound absorption characteristics of building materials are generally measured by the reverberation room
method and the impedance tube method, however, measurement values by these methods are known to have
uncertainties due to the diffuseness of sound fields and the installation condition of materials to the tube, respec-
tively. On the other hands, the authors have recently proposed the sound absorption measurement method using
ensemble averaging technique, i.e., EA method. The method yields a simple and efficient in-situ measurement
of surface normal impedance of materials at random-incidence. The purpose of this study is to show the rela-
tionship between the EA method and conventional methods: the reverberation room method and the impedance
tube method. In this paper, the sound absorption characteristics of four materials: rook-wool board, gypsum
board, carpet tile and needle felt are measured by the three method, and the sound absorption coefficient of EA
method is compared with those of the reverberation room method and the impedance tube method.
Keywords: In-situ measurement method, Reverberation room method, Impedance tube methode method

1 INTRODUCTION
To predict and control the indoor sound field, it is important to understand sound absorption characteristics of
building materials. The characteristics are generally measured by the reverberation room method[1, 2] and the
impedance tube method[3, 4]. It is known that the methods face some problems as for accuracy: the former
shows large deviations of measured sound absorption coefficients due to the diffuseness of sound fields and
the latter causes difference in measured values depending on installation condition of materials to the tube. In
additions, it is difficult to measure those of building materials installed in practical rooms by the methods.
On the other hands, the authors have recently proposed the in-situ measurement method using ensemble aver-
aging technique, i.e., EA method[5, 6]. The EA method is a simple and efficient in-situ measurement method
of surface normal impedance of materials at random-incidence. The basic repeatability and applicability of the
method in several practical environments have been presented in Refs[5, 7, 8]. However, few studies have
focused on the relationship between value measured by the EA method and those of the conventional methods.
In this paper, in order to clarify the relationship, the sound absorption coefficient by EA-Noise method is com-
pared with those of the impedance tube method and the reverberation room method for four kinds of materials.

2 THE OUTLINE OF EA METHOD
As previously stated, the EA method is a simple and efficient method of measuring surface normal impedance
of materials at random-incidence. Figure 1 illustrates the basic setup of EA method using two microphones (pp-
sensor) and a pressure-velocity sensor (pu-sensor), respectively. In actual measurement, the random-incidence
condition is realized by using the ambient noise exists around a material and by use of moving some portable
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loudspeakers radiating broadband noise. The impedance measured by the method can be regarded as a kind of
ensemble-averaged quantity for multiple sound incidences at/around a point. Since the use of random-incidence
sound sources decreases the interference effect caused mainly by the specimen’s edge[6], this method can also
use even reflection sounds from room boundaries as the sound sources.
In this study, the method using pu-sensor is employed as shown in Fig. 1 (b). It is not easy to locate the
pu-sensor on a material surface because of its physical size: 1/2 inch diameter. Therefore, we located the pu-
sensor at the position where d, which is distance from the material surface, equals 10 mm. When the pu-sensor
is used in EA method, normalized surface impedance of a material: ZEA, is simply defined as:

ZEA =< Z >=<
p
un

> . (1)

Where <−>, Z, p and un denote the ensemble average, normal surface impedance, sound pressure and particle
velocity with respect to the normal direction at the material surface, respectively. Assuming that the system has
ergodicity, ZEA is expressed in the following equation.

ZEA =< Z >=
< p >

< un >
. (2)

To check and evaluate the results, the "corresponding sound absorption coefficient" is defined as follows:

αEA = 1−
∣∣∣∣ZEA −ρc
ZEA +ρc

∣∣∣∣2 . (3)

Where ρ and c represent air density and speed of sound, respectively.

mic. b

mic. a
Microphone

Figure 1. Block diagram of the measurement setup in EA method.

3 METHODS
3.1 Materials to be measured
In this study, four kinds of materials: dressed rock-wool board (DR), carpet tile (CT), decorated gypsum board
(GB-D) and needle felt (NF) shown in Table 1 and Fig. 2 are measured by EA method, impedance tube method
and reverberation room method, respectively.

3.2 EA method
Measurements were conducted in a small office (room volume: 81 m3). The test specimen to be measured
was located at around the center of the room floor. The dimension of the specimen is 900 mm × 600 mm
as shown in Table 1. To create the random-incidence condition, four portable loudspeakers radiating incoherent
pink noises were moved manually. In the measurement, a pu-sensor (PU-Regular, Microflown Technologies)
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Table 1. Materials to be measured. (Unit: [mm])

Symbol Material Thickness Specimen’s size

EA method Tube method Reverberation room method
DR Dressed rockwool board 9 900×600 99×π 3600×3000
CT Carpet tile 6.5 900×600 99×π 3500×3000
GB-D Decorated gypsum board 9.5 900×600 99×π 3640×2730
NF Needle felt 10 900×600 99×π 3640×2730

(a) DR (b) CT

(c) GB-D (d) NF

Figure 2. Photo of materials to be measured by the EA method: (a) DR, (b) CT, (c) GB-D and (d) NF.

was used and located at the upside of the center of a material. Three measurement were made per sample
at same receiving point. The pressure and particle velocity sensors were plugged into FFT analyzer and the
transfer function was calculated. The frequency resolution of FFT was set to 3.125 Hz and linear averaging
was performed 150 times using Hanning window. Calibration of pu-sensor was conducted in a standing-wave-
tube with 95 mm × 95 mm × 735 mm. The αEA by Eq. (3) was calculated at each frequency, and the values
were averaged in the frequency domain of 1/3 octave band.

3.3 Impedance tube method
The normal surface impedance at normal-incidence was measured by the two-microphone method, in accordance
with JIS 1405-2:2007. The cylindrical impedance tube having an inner diameter of 100 mm was used. A
loudspeaker radiating incoherent pink noises was placed at the one side of the impedance tube. The sample
was mounted at the other side of the tube. The samples ware cut using a circular cutter from the same sheets
of material and the diameter is 99 mm. Three samples per a specimen are prepared. In the measurement, two
1/4-inch microphones as a sensor were used. The sound pressures at each microphone position were measured,
and the transfer function between two positions were calculated. The frequency resolution of FFT was set to
3.125 Hz and linear averaging was performed 150 times using Hanning window. The normal surface impedance
and absorption coefficient at normal-incidence were calculated using the transfer function. The average value of
sound absorption coefficient for three samples is used for evaluation.
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3.4 Reverberation room method
The reverberation absorption coefficient was measured in line with JIS A 1409, except for the position of the
test specimen. The measurement was carried out in an irregularly-shaped reverberation room with diffusers
(room volume: 165 m3). An integrated impulse response method was applied to measure a reverberation time
of sound field with/without a test specimen. The test material is rectangular shape, and the area is between
9.9 m2 to 10.8 m2 as shown in Table 1. The number of microphone position was six, and the number of
source position is two: the number of microphone and loudspeaker positions is 12. Arithmetic averaging of 12
reverberation times at each band, which is 1/3 octave band, was performed per a test specimen.

4 RESULTS AND DISCUSSION
Comparisons of sound absorption coefficients obtained by the EA method (EA), the impedance tube method
(Tube) and reverberation room method (Rev.) for each material are shown in Figure 3.

(a) DR (b) CT

(c) GB-D (d) NF
Figure 3. Comparison of sound absorption coefficient of material among the EA method, the impedance tube
method and reverberation room method: (a) DR, (b) CT, (c) GB-D and (d) NF.

As for DR and NF, the higher the frequency becomes, the larger the measurement values becomes regardless of
methods, and the frequency characteristics of sound absorption coefficient are similar among the three methods.
The results of CT measured by the EA method is in good agreement with those of conventional methods. On
the other hand, the absorption coefficient of GB-D measured by the impedance tube method is higher than
those of other methods. Additionally, the result by the impedance tube method has a peak at around 400 Hz
for all specimens. These values by the impedance tube method may contain the uncertainties where the sound
absorption coefficient has a resonance and is low[9]. For future quantitative evaluation of relationship between
EA method and conventional methods, the results obtained by the impedance tube method need to be discussed
in more detail.
The results of this study reveal that the sound absorption coefficient of EA method is in good agreement with
that of the impedance tube method at from 100 Hz to 1.5 kHz except for GB-D and is lower than that of the
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reverberation room method at from 500 Hz to 1.5 kHz except for CT. In addition, the relationships among the
three methods differ depending on materials.

5 CONCLUSIONS
In this paper, the relationship between the EA method and conventional methods: the reverberation room method
and the impedance tube method was investigated. The sound absorption characteristics of four materials were
measured by the three method, and the result show that the relationships differ depending on materials, although
the results obtained by the tube method need to be discussed in more detail. Further investigations for various
kinds of material and for higher frequency range are required in order to practical use.
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Abstract
This paper presents a ray tracing algorithm developed as a research and teaching tool at the acoustical engineer-
ing course of the Federal University of Santa Maria in Brazil. The motivations to pursue this task and some
novel features of the code are presented. The results obtained so far were compared to some Odeon simulations.
Calculations on the Elmia Hall, extensively covered on the 2nd round robin of room acoustics inter-comparison
software, were also performed.

Keywords: room acoustics, geometrical acoustics, ray tracing, 2nd round robin, computer methods.

1 INTRODUCTION
Over the last decades, geometrical acoustics (GA) have been playing a major role in room acoustics design and

auralization. Software packages that implement GA methods may have many different applications ranging from

architectural acoustics design [1] to real-time auralization [2–4].

If someone desires to use a software package for a project, for auralization or both, there is a need to calculate

the acoustic field inside a room. Several methods and algorithms have been developed since the 1970s in

order to accomplish this task. Some of these methods are pure ray tracing [5], image-source [6] or radiosity

algorithms [7]. Furthermore, some of these software packages use hybrid methods, such as in Odeon [8].

A comprehensive review of geometrical acoustics algorithms is given by Savioja and Svensson [9].

In this paper, the development of a pure ray tracing algorithm is presented. It does not have the ambition of

contributing to the current state-of-the-art in GA. Nevertheless, it should be seen as preliminary work on a more

ambitious and longer project. Another reason to consider only a pure ray tracing algorithm (in this step of the

project) is that the human resources involved in the assignment are limited. The code was developed as part of

independent research (with no funding) by a professor of the undergraduate program in Acoustical Engineering

(EAC) in Brazil. One may argue on behalf of using a commercial package to do research. Thus, on one hand,

our Acoustical Engineering course has a license of Odeon. On the other hand, annual licenses, support and

updates are expensive for the current Brazilian economic reality.

Therefore, in this work, the authors intent to validate and expose the results obtained with these in-house software

tools running well-known algorithms. Moreover, it contributes to the creation of a platform that will allow the

development of more sophisticated methods. Several features that improve the algorithm are also reported in

Section 2.2.

2 DESCRIPTION OF THE ALGORITHM
In this section, the work-flow of the algorithm is described. Some novel features will be presented, as well as

functionalities to be developed in the near future.
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2.1 Work-flow
The algorithm presented within this paper works upon the basis of ray-tracing, similar to what is presented by

Kulowski [5] – with some new features. The input data consists of four struct variables: the geometry of the

room (vertexes coordinates and plane properties), the sound sources (sound power and coordinates), the receivers

(coordinates) and algorithm controls.

The algorithm has the ability to deal with diffuse reflections. It occurs when the reflection is greater than a

specified transition order (TO). For those reflections, the ray comming out of a surface goes either on specular

or on a sorted direction. The probability of ray to go on a sorted direction depends on the scattering coefficient

of the plane hit by the section of the ray.

After all the rays are traced, the sound intensities are calculated to each source, receiver and ray according to

Eq. (1). These intensities are not assembled in ascending order. Then, for each source, receiver and frequency

band the reflectograms and decay curves are calculated. At this stage, intensities and time encounters are sorted

in time ascending order. Finally, the acoustical parameters such as T20 s, T30 s, EDT s, C80 dB, D50 %, Ts ms

and G dB are calculated from the equivalent reflectogram or decay curve. The average and standard deviation

over source-receiver pairs are also estimated for each parameter.

I(t) =
W

Nrays

1

π r2
rec

{
∏

i
Ri

}
e−mt c0 , (1)

in which t is the time encounter in s; c0 is the sound speed in m/s; m is the the frequency dependent air

absorption coefficient in m−1; W is the sound power (in W) for a given frequency band; Nrays is the number

of rays traced; r2
rec is the receiver radius at time instant t and e−mt c0 accounts for air absorption over distance.

The term ∏i Ri accounts for the the energy of the ray that is left in the room at ray-receiver encounter. It is the

cumulative product of the reflection coefficients of all planes hit by a ray prior to the ray finding the receiver.

Ri = 1−αi (for the direct sound ∏i Ri = 1.0).

2.2 Some interesting features
The algorithm was thought to have some features which make it different from the standard ray tracing algorithm

[5]. It is necessary to acknowledge that tracing a large number of rays in a room is computationally expensive.

In this sense, there are two features that help save a lot of work.

The first feature is that if a user decides to change the absorption coefficient of any number of surfaces, it is not

necessary to run the ray tracing again. It is only required to calculate intensities, reflectograms and the acoustical

parameters, which are not time-consuming steps.

The second feature is similar to what is described by Dalenbäck [10]. The receivers are allowed to grow in size

according to

r(t) =
2c0 t√
Nrays

. (2)

Dalenbäck advocates in favor of this approach since a bigger receiver has a higher probability of being hit by

a ray. This point is exploited in Fig. 1, which shows two reflectograms1 and equivalent decay curves for a

large hall (see Sec. 3). Figure 1 (a) depicts the receiver that has 10 cm of radius, and it is forbidden to grow.

In Fig. 1 (b), it has an initial radius of 10 cm and grows up to 0.50 m, according to Eq. (2). It is easy to note

that the reflectogram in Fig. 1 (b) is more densely filled as time increases. Accordingly, the decay curve is

smoother, allowing the correct calculation of acoustical parameters. If one increases the maximum receiver radius

to a reasonable values or use more rays these effects are even more dramatic.

Since as time goes by, the sound field tends to be more diffuse in the room, the receiver growth is not expected

to play a downgrading role in the exactness of the calculation of reflectograms and in auralization [10]. In our

case, the receiver is allowed to grow only after the transition order is reached. This increases the chances of

1The simulations were performed considering 10000 rays.
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(a) Receiver radius of 10 cm
(constant)
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(b) Receiver radius of 10 cm
(growing up to 0.5 m)

(c) Monte Carlo simulation
for C80 dB

Figure 1. The influence of allowing the receiver to grow as the distance covered by the ray increases in its

travel through the room. The number of rays is 10000 and the initial radius of the receiver is 10 cm. In (c) a

Monte-Carlo simulation for C80.

finding exact specular pathways to be used in auralization (if a sufficient number of rays are traced) . Additionally,

the receiver is allowed to grow to a certain maximum size, which can be specified by the user. This helps

keeping receiver sizes under control, specially if the number of rays traced are small. For instance, the receiver

in Fig. 1 (b) grows from 0.1 m to 0.5 m. Also there is a check to prevent receiver sizes smaller than the initial

receiver size. This can happen after TO is reached and if one has a lot of rays and may cause undesired artifacts.

The third feature is the inclusion of Monte Carlo simulation for absorption coefficient data. With this feature

an user can supply a percentile deviation expected in absorption data. The Monte Carlo simulation will run

and calculate a population of acoustical parameters, from which one can extract mean and confidence interval

information. For instance, Fig. 1 (c) shows the mean value (red-solid/doted line), the confidence interval for 95%

of values (red-shaded area) and the jnd (dashed-black line) for C80. The simulation was performed assuming

a 20% variation in the absorption coefficients of all materials. The point here is not to discuss uncertainty in

itself, but to present the feature. The motivation to write this feature comes from the paper by Vorländer [11].

At present there is a final graduation work in progress covering this issue at our acoustical engineering course.

2.3 Future
Building this kind of tool is not an easy task and our team and resources are limited. Nevertheless, there are

a few features that we aim to pursue for the improvement of the tool. First of all, it is easy to recognize that

simple ray tracing schemes like this have several short-comings, such as low reflection density and the need

of a large number of rays. In that regard it is intended to implement a framework that allows us to explore

other geometrical acoustics algorithms. There are also several other features that need some work like: source

directionality and receiver orientation (allowing the calculation of spatial parameters such as LF and LFC);

the calculation of parameters like U80, STI and others and building an auralization module is also intended.

One of our aims is to make the tool available for free for research institutions. Although any of this seems

to be a novelty for the general community, it is our perception that it has allowed a great gain of knowledge

to the researchers. Similarly, it it the perception of the authors that having to deal with computer codes like

this is a good tool to improve students knowledge on the matter of room acoustics. Finally, and given the

parallel workload involved in this type of problem we understand that the development of tools that make use of

heterogeneous computing platforms, nowadays cheap and quite common, will greatly improve the performance of

the framework.
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3 RESULTS
Since 1995 there were several round robin initiatives displaying inter-comparisons between software packages

dedicated to room acoustics. The round robin I was published in 1995 [12] and explored the PTB auditorium

located in Germany, used mainly for speech. The round robin II was published in 2000 and explored the Elmia

Hall located in Sweden. The round robin III was published in 2005 and explored the PTB studio (with some

degree of variable acoustics) located in Germany. These three round robins included comprehensive measurements

of acoustical parameters such as T30, EDT, C80, D50, Ts, G, LF, LFC and IACC. In the end of April of this year

(2019) the round robin IV was published [13]. This round robin includes significant extensions of the previous

ones. A large database is provided including geometry files of several scenes to be tested (from basic scenes to

investigate phenomena such as diffraction to 3 complex rooms). It also includes subjective analysis of auralization,

measurements and calculations of several acoustical parameters.

The round robins are very important to software developers because they provide a chance to test implementation,

check for failures and drawbacks and improve the calculations. In this paper, a comparison of the code imple-

mented with the results from round robin II is provided. On one hand, one can argue that this is a relatively old

round robin and more modern scenes and tests exists. This is a fact and also it is worth noting that the existing

software packages have improved their calculation algorithms and functionality over the last years. In part, this is

due to their participation in the previous round robins. So, on the other hand, participating in round robin II

allows us to take the small steps that would lead us to a better algorithm. Another point to be made is that the

comparison with other calculation algorithms is to some degree invalid, since these algorithms have improved

over the last years. Anyway, there is a comparison with experimental data, which is still very much valid. The

only specifics worth noting regarding the experiments is that, in round robin II, impulse responses were measured

with the use of MLS technique and nowadays exponential sweeps are a more common measurement strategy.

As pointed before, the Elmia Hall was explored in round robin II. This is a concert hall with a 1100 seats and

with a volume of 11000 m3. There were 2 sound sources and 6 receiver positions calculated and measured in

this round robin. Since Odeon was one of the participants and our research group is an Odeon user, it seemed

intelligent to use the same geometry as Odeon did. It is worth noting that the results of Odeon calculations are

much more accurate now that when Odeon participated in the round robin. The spreadsheet of round robin II is

available at the PTB website [14].

A wire frame of Elmia Hall can be seen in Fig. 2. The figure also depicts one of the functionality of our

algorithm – it is possible to see the direct sound (in blue) and reflections of 1st order for source 1 and receiver 4.

The reflectogram (beneath the wire frame) highlights the times of arrival and intensities at receiver 4.

Figure 2. A ray tracing showing first reflection paths of order 1 at the Elmia Hall (S1R4).
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At present, the parameters our algorithm is able to calculate are: T30
2, EDT, C80, D50, Ts and G. Figure 3 shows

the results for all source-receiver pairs at the 1000 Hz octave band. The experimental data is represented by the

solid black line. The results of our algorithm (named TREM) are displayed by the solid red line. Both black and

red lines have a bigger thickness to make comparisons easier. The results of other calculation algorithms come

in several colors and it is not possible to know who are each of the participants. It was decided to adapt the

original spreadsheet to include the data coming from TREM, while keeping the original data unaltered. Even the

Odeon results are the original ones, and as pointed before they have improved a lot in the last years. This will

be explored later.

For EDT the most disagreeing result is for source 2 and receiver 1 (S2R1), with a difference of roughly 0.5 s

(20% and bigger than jnd). On the other hand, for most source-receiver pairs the difference between measured

and calculated T30 and EDT are well within the jnd range.

For the C80 and D50 some source-receiver pairs display a good result and for others (e.g. S1R1) the differences

are higher than the jnd of each parameter. This is an indication that either the reflection density and/or the

exactness of the first reflections are somewhat faulty in TREM. This can be attributed to the pure ray tracing

scheme used by TREM. An hybrid image source and ray tracing is expected to be more exact, as discussed

later with Fig. 4. The center time (Ts in ms) is another measure of energy balance of reflectograms (or impulse

responses). Figure 3 (e) displays the results of the round robin II and TREM. The results are in good agreement

with the experimental data, except for the pairs S1R1 and S2R2. On one hand, these source-receiver pairs did not

have good agreement for the C80 and D50. On the other hand, the agreement with experimental data happened

for more source-receiver pairs to Ts than to C80 and D50. For the strength factor (G in dB), TREM is also able

to calculate the parameter relatively well. The worst results were for the pairs S1R1 and S2R4, at the order of 2

dB for these source-receiver pairs.

Overall, the acoustical parameters calculated by TREM display a good agreement with the experimental data

and were comparable to other package developers. It is reasonable to argument that, since round robin II dates

from 2000, it is to expect that the exactness of the other competitors have improved over the years. The fact that

TREM shows good results already is promising, tough. There is room for improvement, especially if commercial

packages raw data can be used as a reference for improvement in a similar way that the experimental data from

the round robins can. This is what is exploited in Figure 4, which displays reflectograms and decay curves fora

modern Odeon calculation of the Elmia Hall and TREM.

In Fig. 4 (a) there is a refelctogram and decay curve for Odeon and in Fig. 4 (b) for TREM – both for source

1 and receiver 4. From Fig. 4 (a) and 4 (b) it is possible to notice the general structure of the reflectogram is

similar. The reflectogram from Odeon is much more densely populated by reflections up to a higher time. This

led to a more stable decay curve, in turn. The similarity of the general structure allows TREM to calculate the

parameters with a good degree of exactness for most source-receiver pairs.

On the other hand, the details of calculated reflectograms are expected to be important for more precise calcula-

tions and auralizaation. In Fig. 4 (c) reflectograms and decay curves are compared for the first 500 ms for source

2 and receiver 1 in Odeon and TREM. It is possible to see that, in Odeon [8], this part of the reflectogram is

more densely populated. This is attributed to the use of scattering of the energy of the image sources with the

use of early rays. So, there is energy being distributed over time instants not equal to specular paths between

source and receiver. For the same reason, the energies of the image sources are a little smaller in Odeon (part of

specular energy is scattered). In TREM, with a sufficient number of rays, the time instants of early reflections are

somewhat well calculated and the intensities a litter over estimated. With this analysis it is tempting to conclude

that TREM is faulty only in the first instants of the reflectogram. But in order to have a fact based certainty

more analysis have to be carried out, which will be done in the near future.

Figures 5 (a) and 5 (b) shows the relative mean errors for all acoustical parameters calculated so far for TREM

and all other participants. The error is calculated in Eq. (3).

2T20 is also calculated, but it does not appear in round robin II.
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Figure 3. Room acoustics objective parameters for each source-receiver pair at the 1 kHz octave band.
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(b) TREM 1000000 rays
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Figure 4. Reflectograms extracted from Odeon and TREM, for 1000000 rays and 100000 rays (source 1 and

receiver 4 at 1 kHz octave band).

ē =
1

N

N

∑
n=1

∣∣xc(n)− xm(n)
∣∣ , (3)

where xc(n) and xm(n) are the calculated and measured values for a given source-receiver pair in a given

frequency band, respectively; and n spans through all source-receiver pairs and all frequency bands. The relative

mean errors are related to the jnd of each parameter. The advantages of using the relative mean errors is that

they all fit the same scaling and it can be easily estimated whether or not the error is in an audible range.
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Figure 5. Relative mean error over all source-receiver pairs and over all frequency bands of the calculated room

acoustics objective parameters and a comparison between Odeon and TREM.

First of all, it is possible to see, in Fig. 5 (a) and 5 (b), that the relative mean errors obtained by TREM are in

the same range as the other participants. Although, all the relative mean errors of the participants seem to be

bigger than 1.0 jnd, and thus, perceptible, this seems to be due to a poorer calculation in the lower frequency

bands. On one hand, this is a natural limit of GA methods, which do not take phase into account most of the

time. On the other hand, since the other participants should have improved their algorithm, the same task is left

to TREM in the near future. One of the things to be included is a frequency dependent scattering coefficient,

which is not the case in this paper.

Finally, it is suitable to compare TREM and a modern version of Odeon regarding some acoustical parameters.

Figure 5 (c) shows a comparison for EDT. The thick-solid curves shows the mean values for all source-receiver
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pairs (blue for Odeon and red for TREM). The colored shaded regions shows the confidence intervals (CI)

calculated for the inclusion of 95% of the data. It is possible to see that the mean values for EDT are in good

agreement for all frequency bands. In general, the mean value of the EDT is over estimated. The CI seems a

little shorter for TREM, which indicates a smaller variation along source-receiver pairs obtained by Odeon.

4 CONCLUSIONS
The algorithm reported in this paper seems to be working well at this stage. The results are promising, since the

comparison of the calculated parameters by TREM are in good agreement with the experimental data reported

in round robin II. This investigation also points to the need of some improvements of TREM and to the need

of use of hybrid algorithms to further improve the results. The implementation was successful considering the

limited resources available. It will also allow the continuation of research and teaching of room acoustics at

Federal University of Santa Maria (UFSM) in a non favorable economical scenario.
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will be split in an early part correlating more or less to the theory and a late part with a longer RT (Nilsson 
2004 Part I + II).  

RT is defined in ISO 3382-1 as the time it takes for sound source to decrease in level by 60 dB after the 
source emission has stopped. RT is more commonly measured over a 20 or 30 dB range (T20 and T30) starting 
5 dB below the initial level and then extrapolated to the full 60 dB range.  

In healthcare facilities in many countries in Europe T20 is the only acoustic descriptor that is evaluated – 
and sometimes only in the mid frequency range. In comparison to T20 and T30 the rate of the first 10 dB of 
the decay is more related to the perceived reverberance and this can be measured by the early decay time 
(EDT) (Johansson et al. 2016, Keller et al. 2017). 

 According to the standard the evaluation of a measurement of T20 and T30 starts 5 dB below the initial 
level which can be problematic since this part of the decay contains a lot of information – both direct sound 
and early reflections – important for the perception of sound and speech clarity. The human ear analyses so 
much more than the defined RT but the simplicity of the Sabine formula and the fact that only one single 
number is ‘enough’ to describe the acoustic quality of a room might be the reason why RT – calculated (and/or 
measured) – has been preferred for many years (Lochner and Burger 1964).  

All this considered it is interesting to investigate how hospital staff is affected if not only reverberation 
time is changed in a field study – and to see if very little differences in RT together with differences in values 
on other descriptors will affect how hospital staff perceive the operation room (OR). In regards to critical 
areas, like an OR, we know that there will be a different cognitive workload for different type of staff during 
the surgery and that sound therefore will affect staff differently during the different stages of the operation 
(Keller et al. 2017).  Knowing that hygiene demands in hospitals go before acoustic demands it is also very 
much interesting to learn if we with today’s disinfectable and cleanable acoustic ceilings and walls can make 
critical areas more sustainable for the people working in them. 

2. Working environment in a hospital 
Hospital staff goes to work every day – to the hospital, clinic or other healthcare facility. In comparison 

to the patients they are not sick and you would suppose that they feel a bit better when they open the door (!) 
– that they have maybe the opportunity to secure or react towards a healthy sound environment. Even though 
the working environment in a healthcare facility is highly affected by sound and acoustics, staff is 
unfortunately not often aware of it.  

A recent study about theoretical knowledge about sound and noise amongst staff revealed that 1047 staff 
members answered in average 4 correct answers out of 10 on questions related to the impact of noise (in the 
questionnaire some of the themes were chronic physiological changes related to noise, maximum levels 
according to WHO, aconsaecute physiological changes related to noise) (Johansson et al. 2016). This could 
tell us that even though staff members are ‘just’ at work (and not sick) they are not consciously aware of the 
impact of noise on patients and themselves. And why should they – their competences are about saving lives.  

We know from performance studies with office workers that sound pressure levels and room acoustic 
conditions affect efficiency and wellbeing in general. A field study with a cross-over design by The Stress 
Research Institute and The Department of Psychology, Stockholm University, recently revealed that 
improved sound environments were beneficial for health and performance together with less cognitive stress 
and less disturbances. Another interesting insight was that objective acoustic descriptors corresponded well 
with self-rated measures (Seddigh et al. 2015).  

In hospitals communication errors can lead to fatal mistakes and in a cross-sectional survey with 84 nurses 
in four hospitals in the Pacific Northwest region of the United States it showed that several physical 
environmental factors were potentially problematic in the nursing station area and could lead to medication, 
documentation, and other types of nursing errors. The most problematic factor according to the survey was 
high noise levels (Mahmood et al. 2011).  

In an advisory report based on healthcare staff reporting to the PAPSRS, Pennsylvania Patient Safety 
Reporting System (USA) the same trend was documented and several examples of real-life medical errors 
due to mishearing were published. Example: “A physician called in an order for ‘15 mg’ of hydralazine to be 
given IV every 2 hours. The nurse, thinking that he had said ‘50 mg’ administered an overdose to the patient 
who developed tachycardia and had a significant drop in blood pressure.” (Pennsylvania patient safety 
authority 2006).  

There is no doubt that hospital staff – like everyone else, is affected by sound, noise and acoustics when 
they try to do their tasks, and it is highly important that acoustic standards and guidelines for healthcare 
facilities are prioritized.  

The World Health Organization recommends that since patients have less ability to cope with stress, the 
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5. DISCUSSION 

The aims of the study were to see what would happen to room acoustic values if acoustics were altered in 
two ORs and compared to an OR without acoustic treatment. The second aim was to see if the measured 
acoustic descriptors would correspond with staff self-rated measures in regards to well-being, communication, 
mistakes and impact of sound environment in general in the three rooms. 

5.1 Room acoustic values 
 It is clear that when acoustics are altered in the two ORs room acoustic values change to the better. 

But how much actually? When looking at fig. 2 we see only small changes on the general average values in 
all evaluated acoustic descriptors. The reason why we did this ‘average’ table is that this is often what the 
project group often sees in a building process. You could most likely find people that would argument that 
the step from OR4 to OR5 in regards to RT has no consequences and that in Denmark it isn’t worth the money 
nor the time to go from OR5 to OR6 event though the just noticeable difference for RT is 5% (Seraphim 
1958).  

In general, the results for the measurements show that there is an expected correlation between especially 
T20 and C50 – but we have to look into the details to see the whole picture. The unexpected hops and drops 
on STI are hard to explain – but another round of measurements could maybe be relevant. Overall there is no 
doubt that the acoustic treatment makes the room acoustic quality from room to room better and when we 
discuss all the parameters together the trend is clear. If we only look isolated on one parameter, we could 
conclude that the changes are not really important – but the picture changes when all values are considered 
together.   

5.2 Reverberation time 
 If we take a look into RT based on the octave bands (fig. 3) we see a more detailed picture. We see 

that the curve changes from OR4 to OR5 especially on the low frequencies (and that OR5 actually has a 
strange ‘hop’ on 125 Hz). OR5 would, despite, the ‘hop’ live up to the new Danish hospital standard – where 
OR4 doesn’t. It is interesting though to see that even when adding the frieze of wall panels, the curve gets 
more uniform and RT drops a bit more. Often, long RT on 125 Hz and 250 Hz are known to affect speech 
intelligibility negatively (Canning and James 2012) which could be a problem in OR 4 (maybe OR5) and a 
way of solving this could generally be to work in more dimensions than just the ceiling (which is actually 
making the room more diffuse). 

 OR6 must be considered a good room in regards to RT – just below 0.6 sec. on 125 Hz and decreasing 
on the higher frequencies. If we compare this actual room to a similar room in schools I Denmark – a group 
room meant for peer-to-peer work, group work or similar activities, the standard has a mandatory demand to 
reach 0.4 sec. (Bygningsreglementet 2008), which is exactly what this room does. We could compare the 
operation situation to a ‘group work situation’/project based situation so even though the activities are very 
much different from a school situation to an operation event, it would make sense to discuss whether the new 
standard for hospitals is actually good enough or if the demands should follow the mandatory demands for 
education facilities.   

5.3 C50 and STI 
 When we look at average values on C50 and STI we don’t see a ‘straight forward trend’. On STI the 

acoustician chose to not have exactly the same distances from room to room and it ‘blurs’ the picture a bit. If 
we look at distance OR4 1.9 m., OR5 1.8 m. and OR6 1.8 m. we see an expected improvement from OR4 to 
OR5 but then it drops from OR5 to OR6 – yet still we see an improvement from OR4 to OR6 on the numbers 
but they all fit in the ‘good’ level. On the longer distances OR4 2.6 m., OR5 2.4 m. and OR6 2.2 m. we see a 
negative drop from OR4 to OR5 – but a positive change from both OR4 and OR5 to OR6. Again all values 
are in the ‘good’ level and therefore wouldn’t be considered to be really important changes. In comparison 
to STI C50 shows a clearer trend. In fig. 3 we see values for 1 m. distance and from OR4 to OR5 to OR6 we 
see an improvement every time we alter the room. On the distance 2.4 m. (not in the figure) we see an even 
bigger change since OR4 shows 2.4 dB, OR5 3.7 dB and OR6 5.7 dB. This does not follow the trend for STI 
(that had a negative drop from OR4 to OR5) but shows that we have – for C50 – an improvement on +3 dB 
from OR4 to OR6 that is quite remarkable. There is one common trend between STI and C50 though – and 
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that is that there always is a positive change from OR4 to OR6. 

5.4 Dl2
 The values for Dl2 shows a step by step improvement in general from OR4 to OR5 to OR6. It can be 

discussed whether it is relevant to include Dl2 in this study since the rooms are 38.6-40.2 m2 and that special 
decay then is less interesting. What we could say about Dl2 in this study is that we do have hard surfaces in 
the room (the walls near the sound sources) and it would be difficult (and maybe not for the better) to have a 
higher value. You still need some feedback from the room to secure that communication is not ‘lost’ from 
one staff member to another across the room.  

  

5.5 Questionnaires 
 The three questions chosen for this discussion show that there is a correlation between room acoustic 

results and staff self-rated measures in regards to well-being, communication, mistakes and impact of sound 
environment in general. The trend is clear in regards to OR4, that this room is considered to be less popular. 
For all of the questions this room stands alone when negative evaluations are done (keep in mind that this 
room actually lived up to the old acoustic guideline). The trend for OR5 and OR6 is a bit more ‘blurred’. The 
overall tendency is that OR6 is most popular if we collect the scores in total and regardless the question, but 
when we look at each column for each question sometimes the best score goes to OR5 (considering the best 
score is the column ‘totally agree/disagree’). This can be seen in fig. 6. On the other hand, if we look closer 
at fig. 6 and focus on the more positive columns together we see that OR5 takes a drop from ‘neutral’ to 
‘somehow disagree’ whereas OR6 takes the ‘expected’ hops from ‘neutral’ to ‘somehow disagree’ to ‘totally 
disagree’.  We need to keep in mind that the answers are not statically significant and that the questions 
could be leading so these result only shows a tendency. It would be really interesting in the future to integrate 
questionnaires in room acoustic studies to learn more about what improvements on numbers actually means 
for the end-users.    

6. CONCLUSION 
 The overall goal of the study was to explore whether altered acoustics in operation rooms would affect 

the staff and if yes in what way. Also, it was important for the study to investigate if evaluating more acoustic 
descriptors would give a better picture of the room acoustic qualities than if RT alone was evaluated. The 
overall conclusion is that an acoustic ceiling alone will improve room acoustic results but if we want constant 
positive staff feedback/satisfaction we need also to add wall panels in the OR. When we include more 
descriptors than just RT we get a better picture of what the sound environment can ‘support’. The activities 
in an OR are complex and besides keeping the sound pressure levels as low as possible, speech clarity need 
to be considered together with RT – and both STI (the subjective consideration) and C50 (the objective 
consideration) have to be part of the evaluation. Spatial decay might not be really important in smaller ORs 
– but should definitely be evaluated in e.g. bigger hybrid ORs. Finally, it can be concluded that staff self-
rated measures in regards to well-being, communication, mistakes and impact of sound environment 
correlates with room acoustic improvements.  
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ABSTRACT 
The British Society of Audiology (BSA) recommends a maximum reverberation time of 0.25 s for sound 
field audiometry in clinic rooms. The present study measured room impulse responses from 36 rooms where 
sound field audiometry is conducted in Denmark, Germany and the Republic of Korea. The volumes of the 
rooms measured ranged from 4 m3 to 60 m3, and the reverberation times ranged from 0.04 s to 0.65 s. Office 
type rooms where other medical tasks also take place generally lack sound absorption particularly at low 
frequencies.  
 
Keywords: Sound field audiometry, reverberation time, modulation power 

1. INTRODUCTION 
Pure tone audiometry is the standard test to measure hearing thresholds through an earphone. The 

thresholds are expressed in decibel hearing level (dBHL) relative to the lowest sound level that a 
normal hearing person of 18 years old is just able to hear. It is carried out in a soundproof room with 
a calibrated audiometer and earphones that present sounds of varying intensity and frequency to each 
ear separately. For hearing aid users, the measurements of hearing thresholds with the hearing aids on 
are necessary, which is normally called hearing aid fitting validation. In such a case, sound field 
audiometry is often used, where a test person sits in a room where a loudspeaker radiates sound stimuli . 
As most clinic rooms are not anechoic, the stimuli will be distorted accordingly. As a  practical 
implication, the reverberation times of test rooms should be made as short as possible (1). The British 
Society of Audiology (BSA) sets out a more concrete guideline, i.e., a maximum reverberation time 
of 0.25 s for sound field audiometry in clinic rooms (2). 

 
As an accurate objective hearing aid fitting validation method, sound-field auditory steady state 

response (ASSR) has drawn much attention. ASSR is an auditory evoked potential elicited with 
modulated tones, and widely used as a clinical electrophysiological measure. Particularly, its sound 
field version can be useful for hearing aid fitting validation for infants with hearing loss. For sound 
field ASSR to be conducted in clinics, there are three important challenges: (A) effects of the clinics’ 
room acoustics on ASSR (3-5), (B) head movement during the test (6), (C) measurement time (6). 

 
The objective of this study is two-fold. First, we want to collect the current room acoustic status 

of various state-of-the-arts clinics and hospital rooms where sound field audiometry is conducted. 
Second, the collected clinical conditions will be used to replicate realistic room conditions for 
investigating the effects of rooms on sound field ASSR measurement and to suggest room acoustical 
guideline for sound field ASSR measurements (3-5). 
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2. Hospital rooms 
A total of 36 rooms are measured in three countries, Denmark (DK), Germany (D), and Korea (KR). More 

specifically, 3 rooms in Aarhus hospital (DK), 10 rooms in Bispebjerg Hospital (DK), 9 rooms in Gentofte 
hospital (DK), 5 rooms in Odense hospital (DK), 2 rooms in Interacoustics (DK), 2 rooms in Würzburg (D), 
and 5 rooms in Seoul national university hospital - SNUH (KR). Part of the room acoustical data was already 
presented in Ref. (7) and categorized into the office type and booth type. Exemplary photos are shown in 
Fig.1. The room volumes are found in Table 1.  

3. Objective parameters 
The objective parameters suitable for evaluating the rooms for sound field audiometry and other 

electrophysiological measurements are reverberation parameters according to ISO 3382-1 (8), modulation 
power, and perhaps speech clarity measures. These are all inter-related: The higher the reverberation, the 
lower the modulation power and clarity. Two reverberation time indicators are presented: early decay time 
(EDT) and T20. They use different sound decay ranges in evaluating the reverberation time. EDT is known 
to correlate better with subjective reverberance, but it is still unclear if EDT could be better correlating with 
objective physiological data, such as sound field ASSR. 

 
The modulation power represents the change of modulation due to the acoustical properties of the 

measurement room and its calculation procedure is illustrated in Fig. 2. First, the International Speech Test 
Signal (ISTS) and the measured impulse response are convolved. The choice of the ISTS signal as a stimulus 
is ascribed to the fact that an ISTS-modified narrow band CE-chirp has been suggested for sound field ASSR 
measurements (9). The convolved stimulus is processed through a bank of 12 Gammatone filters uniformly 
spaced 1/12th octave apart over the stimulus frequency band of interest (707 Hz two-octave-band, and 2000 
and 4000 Hz one-octave-band). The Hilbert envelope was then calculated for each output of the Gammatone 
filters, and was normalized by removing its DC component. Each envelope was multiplied with a raised-
cosine window to eliminate epoch edge effects for the unperiodic speech-modified stimulus. The discrete 
Fourier transform is computed and averaged across epochs and Gammatone filter bands to obtain the 
modulation power of the stimulus. Finally, the modulation power is normalized by the modulation power 
values of the reference ISTS-modified chirps as a dry signal (4).  

 
Tables 1-3 show the means and standard deviations of the measured modulation power, EDT, and T20 in the 
sound field audiometry rooms. Figure 3 shows a general trend of T20 as a function of the room volume. 
Depending on the room type, two trend lines can be observed. Figure 4 shows the relationship between MP 
and T20 . 

 

    
(a)    (b)    (c)    (d) 

Fig. 1. Office type rooms in (a) and (b), booth type rooms in (c) and (d). 
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Figure. 2. Calculation procedure of the modulation power, adapted from (4). 

 
Table 1. Modulation power (dB) in the clinic rooms. B and O mean booth and office type, respectively. 

Hospital Room Mean Standard deviation V 
(m3) 

Type 
‘B or O’ 707 2000 4000 707 2000 4000 

Aarhus R1 -3.7 -8.0 -10.6 0.4 3.9 3.9 15.1 B 
R2 -4.2 -8.1 -14.4 0.7 2.5 2.5 34.1 B 
R3 -3.7 -7.9 -12.3 0.8 2.0 2.0 19.9 B 

Bispebjerg R1 -5.1 -12.6 -17.7 1.7 3.1 3.1 58.2 O 
R2 -6.0 -11.2 -14.8 1.3 2.2 2.2 53.7 O 
R3 -6.3 -9.4 -16.6 0.8 2.9 2.9 26.7 O 
R4 -4.9 -12.4 -17.5 1.0 2.2 2.2 26.6 O 
R5 -2.7 -9.0 -11.0 0.9 1.3 1.3 14.0 B 
R6 -2.0 -8.8 -10.2 0.7 3.7 3.7 13.9 B 
R7 -5.7 -13.7 -14.6 1.5 2.7 2.7 22.5 B 
R8 -6.6 -10.1 -17.3 2.4 3.4 3.4 55.4 O 
R9 -3.9 -8.4 -13.8 2.0 1.3 1.3 55.7 O 

R10 -4.7 -8.5 -13.3 1.0 2.1 2.1 44.3 O 
Gentofte R1 -8.3 -8.8 -13.6 1.4 3.4 3.4 47.9 B 

R2 -5.8 -10.0 -14.2 1.9 2.1 2.1 30.6 B 
R3 -3.8 -10.2 -11.2 0.9 2.5 2.5 41.9 B 
R4 -5.8 -11.9 -15.9 1.6 2.0 2.0 34.5 O 
R5 -5.9 -14.0 -14.9 1.2 1.6 1.6 51.3 O 
R6 -6.4 -13.2 -19.1 2.1 1.2 1.2 51.4 O 
R7 -6.9 -11.7 -15.2 1.0 2.9 2.9 51.5 O 
R8 -7.1 -9.5 -18.2 1.5 3.1 3.1 58.1 O 
R9 -6.6 -14.0 -15.5 2.4 1.5 1.5 51.6 O 

Odense R1 -3.8 -10.2 -14.0 0.1 4.4 4.4 21.7 B 
R2 -4.7 -10.5 -13.0 1.0 2.5 2.5 26.2 B 
R3 -3.0 -10.4 -14.5 1.7 2.6 2.6 22.2 B 
R4 -7.3 -11.0 -15.1 2.5 2.7 2.7 35.4 O 
R5 -7.0 -9.7 -16.6 2.5 3.4 3.4 34.2 O 

Wurzburg R1 -2.4 -7.4 -10.4 0.9 2.6 2.6 30.7 B 
R2 -4.1 -11.4 -14.6 2.4 2.2 2.2 55.1 B 

Interacoustics R1 -2.5 -8.3 -10.7 0.9 2.3 2.3 14.6 B 
R2 -5.6 -12.3 -12.7 1.5 3.5 3.5 56.9 O 

SNUH R1 -2.5 -5.9 -6.0 0.9 1.2 1.2 9.2 B 
R2 -2.1 -6.8 -1.9 0.4 0.7 0.7 6.8 B 
R3 -1.6 -1.2 -6.8 0.9 4.6 4.6 4.4 B 
R4 -2.8 -1.3 -8.6 0.6 5.2 5.2 9.2 B 
R5 -1.9 -4.4 -10.2 0.2 1.8 1.8 16.7 B 
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Table 2. Early decay time in the clinic rooms 
Hospital Room Mean Standard deviation 

125 250 500 1000 2000 4000 125 250 500 1000 2000 4000 
Aarhus R1 0.09 0.10 0.08 0.05 0.06 0.07 0.013 0.015 0.025 0.012 0.013 0.015 

R2 0.10 0.10 0.11 0.10 0.11 0.11 0.012 0.014 0.035 0.035 0.017 0.014 
R3 0.09 0.09 0.08 0.08 0.09 0.10 0.016 0.017 0.015 0.018 0.008 0.016 

Bispebjerg R1 0.26 0.26 0.21 0.18 0.19 0.19 0.052 0.050 0.087 0.026 0.031 0.023 
R2 0.22 0.22 0.20 0.18 0.20 0.19 0.053 0.051 0.032 0.023 0.019 0.018 
R3 0.27 0.27 0.26 0.24 0.22 0.21 0.081 0.080 0.073 0.051 0.016 0.014 
R4 0.15 0.15 0.18 0.20 0.20 0.23 0.051 0.047 0.044 0.048 0.017 0.020 
R5 0.07 0.07 0.07 0.07 0.08 0.06 0.015 0.019 0.015 0.026 0.022 0.018 
R6 0.06 0.06 0.05 0.05 0.05 0.06 0.035 0.032 0.005 0.008 0.009 0.019 
R7 0.14 0.14 0.11 0.09 0.07 0.08 0.037 0.037 0.039 0.020 0.010 0.014 
R8 0.16 0.16 0.23 0.24 0.24 0.20 0.028 0.027 0.057 0.049 0.050 0.031 
R9 0.13 0.13 0.12 0.13 0.12 0.13 0.038 0.038 0.043 0.024 0.030 0.023 

R10 0.10 0.11 0.13 0.12 0.12 0.11 0.020 0.022 0.043 0.034 0.025 0.034 
Gentofte R1 0.25 0.25 0.21 0.26 0.24 0.21 0.036 0.036 0.043 0.034 0.042 0.016 

R2 0.14 0.14 0.16 0.16 0.16 0.19 0.024 0.024 0.040 0.026 0.028 0.030 
R3 0.08 0.09 0.09 0.10 0.11 0.10 0.020 0.016 0.017 0.038 0.034 0.043 
R4 0.30 0.30 0.32 0.33 0.36 0.34 0.043 0.040 0.035 0.024 0.030 0.023 
R5 0.23 0.23 0.23 0.24 0.24 0.24 0.038 0.036 0.034 0.031 0.030 0.029 
R6 0.35 0.35 0.37 0.29 0.32 0.34 0.040 0.035 0.058 0.029 0.032 0.030 
R7 0.30 0.30 0.30 0.26 0.25 0.25 0.020 0.018 0.066 0.036 0.046 0.020 
R8 0.46 0.46 0.41 0.38 0.36 0.34 0.075 0.073 0.052 0.019 0.026 0.037 
R9 0.25 0.25 0.17 0.20 0.22 0.22 0.030 0.033 0.041 0.053 0.037 0.029 

Odense R1 0.11 0.11 0.07 0.06 0.06 0.06 0.034 0.034 0.029 0.021 0.011 0.020 
R2 0.11 0.11 0.09 0.10 0.11 0.12 0.020 0.020 0.027 0.019 0.013 0.027 
R3 0.08 0.08 0.08 0.07 0.07 0.07 0.026 0.027 0.019 0.013 0.009 0.010 
R4 0.37 0.37 0.36 0.36 0.36 0.39 0.034 0.033 0.072 0.054 0.047 0.028 
R5 0.43 0.43 0.38 0.35 0.38 0.39 0.071 0.068 0.033 0.035 0.030 0.021 

Wurzburg R1 0.05 0.06 0.09 0.09 0.10 0.12 0.013 0.014 0.042 0.030 0.021 0.021 
R2 0.11 0.11 0.11 0.09 0.10 0.11 0.029 0.028 0.037 0.026 0.028 0.027 

Interacoustics R1 0.06 0.07 0.05 0.05 0.05 0.06 0.014 0.015 0.011 0.006 0.008 0.019 
R2 0.30 0.30 0.31 0.31 0.34 0.31 0.058 0.057 0.059 0.067 0.112 0.114 

SNUH R1 0.04 0.05 0.06 0.06 0.06 0.07 0.019 0.020 0.019 0.014 0.017 0.033 
R2 0.04 0.04 0.08 0.08 0.04 0.07 0.015 0.018 0.016 0.023 0.006 0.020 
R3 0.05 0.05 0.04 0.06 0.07 0.06 0.009 0.013 0.008 0.016 0.017 0.014 
R4 0.08 0.08 0.07 0.07 0.06 0.06 0.030 0.029 0.024 0.027 0.015 0.028 
R5 0.04 0.05 0.04 0.04 0.04 0.05 0.008 0.008 0.015 0.006 0.010 0.013 

 
      (a)       (b) 

Figure 3. (a) EDT and (b) T20 in the 125 Hz octave band as a function of the room volume. 
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Table 3. T20 in the clinic rooms 
Hospital Room Mean Standard deviation 

125 250 500 1000 2000 4000 125 250 500 1000 2000 4000 
Aarhus R1 0.06 0.06 0.08 0.08 0.07 0.07 0.006 0.006 0.002 0.008 0.010 0.005 

R2 0.11 0.11 0.11 0.11 0.11 0.12 0.003 0.003 0.019 0.013 0.007 0.008 
R3 0.08 0.08 0.09 0.10 0.10 0.12 0.013 0.014 0.009 0.018 0.009 0.008 

Bispebjerg R1 0.28 0.28 0.24 0.23 0.21 0.20 0.025 0.025 0.033 0.023 0.014 0.009 
R2 0.23 0.23 0.23 0.22 0.23 0.23 0.028 0.028 0.031 0.020 0.015 0.008 
R3 0.26 0.26 0.25 0.23 0.23 0.23 0.026 0.024 0.024 0.025 0.010 0.008 
R4 0.16 0.16 0.17 0.18 0.20 0.21 0.028 0.027 0.020 0.016 0.014 0.012 
R5 0.05 0.05 0.06 0.06 0.06 0.07 0.006 0.007 0.017 0.007 0.003 0.014 
R6 0.07 0.07 0.05 0.05 0.05 0.06 0.016 0.016 0.011 0.009 0.010 0.006 
R7 0.11 0.12 0.10 0.10 0.10 0.08 0.021 0.021 0.013 0.008 0.006 0.007 
R8 0.21 0.21 0.24 0.24 0.24 0.24 0.029 0.028 0.029 0.021 0.012 0.015 
R9 0.16 0.16 0.15 0.13 0.13 0.13 0.039 0.038 0.018 0.013 0.017 0.007 

R10 0.14 0.14 0.15 0.15 0.15 0.14 0.020 0.020 0.009 0.018 0.012 0.008 
Gentofte R1 0.21 0.21 0.24 0.21 0.20 0.21 0.015 0.014 0.025 0.023 0.021 0.004 

R2 0.18 0.18 0.13 0.15 0.16 0.18 0.012 0.010 0.007 0.015 0.006 0.014 
R3 0.12 0.12 0.14 0.13 0.12 0.10 0.010 0.009 0.029 0.023 0.012 0.003 
R4 0.36 0.36 0.35 0.33 0.31 0.32 0.034 0.033 0.048 0.016 0.023 0.010 
R5 0.27 0.27 0.24 0.23 0.23 0.25 0.024 0.024 0.024 0.016 0.010 0.009 
R6 0.29 0.29 0.30 0.32 0.30 0.31 0.026 0.025 0.008 0.017 0.022 0.017 
R7 0.30 0.29 0.26 0.26 0.26 0.27 0.041 0.041 0.029 0.013 0.019 0.014 
R8 0.42 0.41 0.36 0.35 0.34 0.34 0.051 0.051 0.027 0.022 0.026 0.010 
R9 0.30 0.30 0.23 0.18 0.17 0.19 0.028 0.028 0.006 0.018 0.009 0.016 

Odense R1 0.10 0.10 0.08 0.07 0.07 0.07 0.022 0.021 0.011 0.002 0.004 0.010 
R2 0.11 0.11 0.11 0.10 0.09 0.09 0.013 0.012 0.011 0.020 0.012 0.011 
R3 0.11 0.11 0.09 0.09 0.08 0.08 0.008 0.008 0.013 0.012 0.011 0.006 
R4 0.38 0.37 0.35 0.35 0.36 0.36 0.038 0.037 0.025 0.013 0.024 0.020 
R5 0.38 0.38 0.38 0.37 0.36 0.36 0.019 0.018 0.025 0.027 0.013 0.018 

Wurzburg R1 0.07 0.07 0.09 0.09 0.11 0.12 0.014 0.015 0.017 0.014 0.009 0.005 
R2 0.15 0.15 0.13 0.13 0.13 0.13 0.013 0.013 0.020 0.023 0.018 0.018 

Interacoustics R1 0.06 0.05 0.06 0.07 0.06 0.06 0.006 0.008 0.011 0.013 0.007 0.005 
R2 0.29 0.29 0.28 0.30 0.35 0.42 0.022 0.021 0.029 0.025 0.031 0.032 

SNUH R1 0.11 0.14 0.20 0.18 0.17 0.15 0.054 0.001 0.087 0.056 0.022 0.036 
R2 0.04 0.04 0.05 0.06 0.06 0.09 0.001 0.001 0.003 0.004 0.002 0.047 
R3 0.04 0.04 0.04 0.05 0.05 0.05 0.005 0.005 0.006 0.007 0.005 0.010 
R4 0.08 0.08 0.06 0.06 0.07 0.07 0.008 0.008 0.011 0.012 0.008 0.014 
R5 0.05 0.05 0.05 0.05 0.04 0.04 0.009 0.008 0.015 0.006 0.007 0.007 

 
Figure 4. Correlation between Modulation power and EDT for the 707 Hz band. 
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4. CONCLUSIONS 
The room acoustic conditions of 36 rooms for sound field audiometry are presented. The  objective 

acoustic parameters and modulation power data will be further used to investigate the effects of rooms 
on sound field ASSR and to suggest room acoustical guidelines for sound field audiometry and 
electrophysiological measures. 
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ABSTRACT 

Based on the telemetry data of flight tests, the axial abnormal oscillation with frequency doubling 

characteristics occurred at the end of the first pulse motor’s operation while it was normal during the second 

pulse. With detailed analysis, it was concluded that there was a resonance, the spacecraft structure and the 

combustion chamber’s acoustic cavity spectra are qualitatively similar, exhibiting a unique peak at the 

resonance frequency. In order to study the acoustic modal characteristics of the dual pulse solid rocket motor 

comprehensively, a standard model for estimating the acoustic mode of the motor was established by means 

of simulation and experiment at room temperature. Moreover, based on the law of grain motion and the state 

frozen method, 3D model of the acoustic cavity was rebuilt accurately, which was provided to the analysis. 

According to the model above, the acoustic mode’s piecewise bilinear characteristics during motor’s 

operation was proposed completed. With the comparison, it was known that there was a good agreement 

between simulation and flight test at the end of first pulse operation, which proved that the model established 

was correct. Consequently, it is considered that the results in this paper can characterize the real change 

process of the acoustic modes during the motor’s whole operation.  

 

Keywords: Dual pulse solid rocket motor; Combustion chamber; Acoustic mode; Piecewise bilinear 

1. INTRODUCTION 

Recently, in order to improve the spacecraft’s control performance, viability and propulsive range, 

dual pulse solid rocket motor has gradually become the main power device of spacecraft (1). Usually, 

the motor consists of two burning chambers, separated by a bulkhead, designated as pulse separation 

device which achieves the restarting operation and provides intermittent thrust. Actually, the pulse 

separation device protects the propellant grain in the second pulse chamber against high temperature 

and pressure impact during the first pulse operation. At initiation of the second pulse, pulse separation 

device reliably opens for gas flow through the empty first pulse chamber and the nozzle to atmosphere.  

Based on the telemetry data of flight tests, the axial abnormal high frequency oscillation occurred 

at the end of first pulse operation while it was normal during the second pul se. One of remarkable 

feature of the data was the large number of resonant peaks observed. As many as 20 peaks can be seen 

in one configuration over the 200Hz to 5kHz frequency range. In fact, the structural mode of spacecraft 

remained basically unchanged at the above moments, but the acoustic cavity of the motor combustion 

chamber changed greatly due to the complex structure of motor. Although several possible causes for 

the observed vibrations were suggested, it seemed that the most likely cause was combustion -driven 

acoustic wave in the motor. As shown in Figure1, the resonance between the spacecraft structure and 

the combustion chamber’s acoustic cavity has occurred at a frequency of 225Hz.  To date, the 

vibrations are not known to have prevented completion of the spacecraft’s mission but there is concern 

that minor changes in one or more parameters which occasionally occur during a moto r’s production 

history may increase the vibration level and consequently interfere with some vital function such as 
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guidance or thrust termination. Compared with traditional one pulse motor, dual pulse motor has more 

complex acoustic structure, which makes it difficult to study its dynamic characteristic. However, 

because of the complex situation, little insight had been gained concerning the mechanisms involved.  

 

(a)Time evolution of the Axial overload     (b) Frequency domain of the response signal 

Figure-1 Vibration data of flight test 

Therefore, a series of investigations was initiated to the acoustic characteristi cs of the interior of 

the motor by some scholars. Browning carried out acoustic tests on the Minuteman II Stage III motor 

and obtained the sound pressure distribution in the combustion chamber(2). Mathes carried out the 

acoustic modal analysis of the 1/4 full scale model of the Poseidon second stage motor, and the 

experimental data were in good agreement with the numerical simulation (3). Francois determined the 

acoustic mode of the test motor and estimated the stability range of the motor (4). Anthoine obtained 

the first three order acoustic modes of the 1/15 scale model of Ariane-5 MPS P230 booster combustion 

chamber through experiments(6).French took the standard stability prediction program SSP to 

estimate the tangential acoustic modes of motor(6). Nicoud proposed a numerical method for 

determining the thermoacoustic modes of combustors, which was verified by two specific cases (7). 

Zhang Xiangyu grained the acoustic modes of solid rocket motor by simulation and made some 

comparison between the simulation and the flight test (8). Zhou Xinxin used acoustic resonance 

simulation method to investigate the acoustic response of combustion chamber acoustic cavity (9). 

Most attention was pay on the acoustic mode of traditional solid rocket motors under subscale or 

cold-flow condition, but not including the acoustic modal characteristics during the motor’s operation. 

So far, there were few research on the acoustic mode of dual pulse solid rocket motor during working 

process. 

In this paper, numerical simulation under the state of the end of first pulse and second pulse 

operation were carried out. The experiment was designed to determine the frequencies and structural 

characteristic of standing acoustic wave in the motor. The first three axial acoustic natural frequencies 

and mode shapes were obtained by the test under room temperature, which proved the finite element 

model established was correct. Therefore, it was employed as standard procedure for analysis. Then, 

combined with the law of grain motion and the "state frozen" method, the evolution law of the motor 

acoustic cavity with time was presented, which leading to the accurate 3D model of the motor at 

specific moments. By taking advantage of the model established above, the piecewise bilinear 

characteristics of acoustic mode in dual pulse solid rocket motor was proposed, which has great 

significance on the cooperative design of motor and spacecraft. 

2. Theoretical Background 

2.1 Physical hypothesis 

In order to solve the wave equation in the combustion chamber of solid rocket motor conveniently, 

the mass conservation, momentum conservation, energy conservation and equation of state in the 

combustion chamber are linearized. The simple harmonic sound field in the combustion chamber can 

be described by Helmholtz equation as follows (10): 
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                         2 2 2

0( / ) 0P a P                            (1) 

Here, 2 is Laplace operator; P is sound pressure; ω is angular frequency; a0 is sound velocity. 

Assuming that the acoustic space consists of a finite number of elements, the gas vibration equation 

in a closed cavity can be obtained based on Equation (1). 

                                 2 0P K M                      (2) 

Here,    
1

em

e

K K ；    
1

em

e

M M ；m is the total number of gas elements, [K]
e、[M]

e
  

are the stiffness and mass matrices of the system respectively, they are all real symmetric matrices of n×n. 

The necessary and sufficient conditions for the solution of Equation (1) are as follows, and it gives the 

natural frequencies of each order of the enclosed cavity. 

                               2 0 K M                         (3) 

The actual pressure oscillation in solid rocket motor combustor may be the result of combination 

of one or more modes, or the superposition effect of high-order harmonic oscillation. These factors 

lead to complex waveforms, and the main acoustic mode often controls the development trend of 

oscillating combustion in combustor. For a typical cylindrical combustor chamber with radius R and 

length L, the axial acoustic frequency is: 

                             
a c o u s t i c

2 2

gn R Tna
f

L L


                   （4） 

Here, n is the acoustic mode number; γ is the specific heat ratio; Rg is the average gas constant; T 

is the gas temperature; L is the length of the acoustic cavity. 

3. Numerical simulation 

3.1 Physical hypothesis 

Considering the limitation of the test facility, the simulation analysis was carried out under the 

static conditions. The physical hypothesis was shown as follow: 

1) Grain is a surface dense material without considering its damping effect.  

2) The structural stiffness of motor case is relatively large, and the acoustic-solid coupling problem 

is neglected. 

3) The influence of gas flow in combustion chamber is not considered. 

3.2 Finite element model 

The fluid property density and sound velocity in the acoustic chamber are defined as follows: 
31.225 kg / m , 340 m / sa   .The three-dimensional model of the motor under first pulse and 

second pulse condition was established by using tetrahedral mesh, as shown in Figure 1 and 2. The 

mesh size is controlled within 50 mm, which ensures the calculation accuracy. The three-dimensional 

model of the chamber of one pulse combustor consists of 93 012 units while the model of the chamber 

of second pulse consists of 121 404 units (11). 

 

Figure 1–The chamber acoustic field model of first pulse motor 
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Figure 2–The chamber acoustic field model of second pulse motor 

3.3 Simulation results 

Based on LMS.virtullab, the estimated natural frequencies and mode shapes of the motor under 

different conditions were obtained, as shown in Table1 and Figure 3 and 4. 

Table 1–Results of the stimulation 

State Order Result, Hz 

First pulse 

1 69.13 

2 138.17 

3 206.99 

Second pulse 

1 47.49 

2 92.13 

3 145.20 

    

(a)first order                 (b)second order             (c)third order 

Figure 3–Mode shapes of the first pulse motor 

    

(a)first order                  (b)second order             (c)third order 

Figure 4–Mode shapes of the second pulse motor 

4. Test 

4.1 Test instrument 

Figure 5 shows the test instrument which consists of horn, microphone, electric horn and conduit. 

The electric loudspeaker horn is first extended from the nozzle into the combustion chamber as an 

excitation source to generate sound field. The signal generator generates random white noise electric 

signals. After power amplifier treatment, the electric signal is input into the electric loudspeaker 

horn to produce sound field, which stimulates the acoustic oscillation in the combustion chamber. 

Axial wave structural characteristics were determined by moving a microphone along the model axis. 

The microphone could be used to measure on the model centerline to measure the pressure 

distribution in a line parallel to the axis of symmetry, give a longitudinal pressure distribution near 

the model wall. The instrumentation system provided means for detecting the pos ition of the moving 

probe and for continuously recording the acoustic pressure as a function of position in the motor.  At 

the same time, the sound field level in the chamber is controlled by the power amplifier regulator. 

The fluctuating pressure signal received by the microphone is transformed and amplified by the 
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microphone power supply and then input into the data acquisition system. After spectrum analysis of 

the power spectral density of the data acquisition system, the combustion chamber acoustic moda l 

frequency can be obtained.  

 

Figure 5–Schematic diagram of the test facility 

4.2 Test results 

By fitting the response amplitudes of each measuring point, the first three order axial acoustic 

modes were obtained, as shown in Figures 8 and 9. Comparison of simulation-based and 

experimentally determined frequencies was made in Table 3. 

    

 (a)first order                (b)second order                 (c)third order 

Figure 8–Mode shapes of the first pulse motor 

    

(a)first order                (b)second order                 (c)third order 

Figure 9–Mode shapes of the second pulse motor 

Table 3–Summary of the above results 

State Order Test, Hz Simulation, Hz Error,% 

First pulse 

1 70.0 69.13 1.24 

2 140.0 138.17 1.31 

3 209.5 206.99 1.20 

Second pulse 

1 48.5 47.49 2.08 

2 93.0 92.13 0.94 

3 147.0 145.20 1.23 

From table 2,it was clear that the test results showed good agreement with the corresponding ones 

obtained from the FEM, the error between them was only 0.94%~2.08%, which proved the FEM 

model established was reliable. 
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5. Modal analysis of motor’s operation 

5.1 Acoustic Mode Determination 

According to the classical acoustics theory (12), it’s well known that the acoustics mode of 

combustion chamber is only related to motor’s geometric variables and gas property. Based on the 

acoustic modal test of motor at room temperature, the simulation model adopted in this paper is so 

reliable that it is capable of estimating the acoustic modal characteristics during the motor’s operation. 

On the basis of test results, it was obvious that the acoustic modal frequency was generally large. 

That means, its response period was far shorter than the solid propellant burning’s. Based on the above 

analysis, some characteristic moments during working process were chosen by the "state frozen" 

method which was generally considered from the time-varying system point of view as an operational 

method, so the 3D model of the motor at specific time were rebuilt respectively(13). 

Due to the steady cavity volume variation during the working process, 5 characteristic time points,  

each interval of 2 seconds, were selected respectively. Then, instantaneous propellant grain shapes of 

the motor were obtained by the specialized software which could accurately calculate the scale change 

of grain during the working process, so the 3D model of the motor at specific time were rebuilt, as 

depicted in Figure 9.Finally, the complete 3D model of the motor during working process was 

established, regarded as the basement for analysis. 

   

(2s)                      (6s)                     (10s) 

First pulse’s operation 

   

(2s)                      (4s)                     (6s) 

Second pulse’s operation 

Figure 9–Time evolution of the motor’s grain scale 

For the sake of simplicity, combined with the frequency doubling characteristics of the acoustic 

modes, it is more effectively to study the change of the fundamental frequency of the acoustic modes 

to illustrate the change of the acoustic modes during motor’s operation. Therefore, according to the 

above 3D model at specific time, combined with the important attributes such as gas property, the 

standard model is used to analysis the acoustic frequencies. However, the classical method neglects the 

natural frequency variation caused by the structure change during its operation so that there is a certain 

error for the actual frequency prediction of the motor. In order to emphasize the accuracy of this 

method, it was given in Figure 10, compared with the classical case. 
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Figure 10–Time evolution of the frequency 

5.2 Results and discussions 

As indicated by figure 10, the axial acoustic modes of the motor shows piecewise linearity during 

the motor’s operation. The main reason is that the opening of the pulse separation device makes the 

acoustic cavity of first pulse chamber and second pulse chamber interconnected so that the axial 

internal geometry of the combustor increase significantly, resulting in the frequency drop at the 

beginning of the second pulse motor’s operation . Besides, it can be seen that the error between 

simulation and test is less than 10% whereas the error between classical method and test is about 20%. 

This might be explained by the fact that the simulation model is an accurate configuration of motor’s 

acoustic cavity based on the law of grain motion. As a result, there is a great difference between the 

method presented in this paper and classical one, whose change in the acoustic frequency almost keeps 

a constant trend. 

It is well known that when the solid rocket motor is working, all the burning surface moves along its 

normal direction at the same speed, leading to the increase of inner diameter of the grain. At the 

beginning of the first pulse motor’s operation, the initial inner diameter of the grain is close to that of 

the nozzle. During the motor’s operation,  the configuration of acoustic cavity changed from the 

original slender tube to the cylindrical cavity, so the equivalent length of acoustic cavity decreased 

gradually, which results in the slow increase of the fundamental frequency of acoustic mode.  

During the period of second pulse, this is no longer the case. Actually, it was interesting to note that 

the fundamental frequency decreases monotonously with time while the degree of variation is greater 

than that of first pulse. These results suggest a link between the pulse separation device and acoustic 

cavity. In fact, at the beginning of the second pulse motor’s operation,  the sudden change section effect 

of the pulse separation device produces a large acoustic load affecting the refraction and reflection of 

the acoustic wave in the combustion chamber, which reduces the efficiency of acoustic wave 

transmission and increases the path. It can be considered that the equivalent length of th e acoustic 

cavity increases gradually, so the fundamental frequency of the acoustic mode decreases 

monotonously. 

According to the standard model, the results of acoustic frequencies during operation are obtained. 

The error between simulation and flight test at the end of first pulse is less than 10%. According to 

the existing physical parameter errors and the influence of distributed combustion on the gas 

temperature, it is considered that the present model is actuate and reliable to estimate the acoustic 

modal characteristics during dual pulse motor’s operation. 

6. CONCLUSIONS 

In this paper, the acoustic investigation is a follow-on to phenomena seen in the motor, which 

provide a valuable guide. In the present case, the acoustic modes of the dual pulse solid rocket motor 

were investigated by numerical simulation and experiment. Comparison of experimental results with 

simulation indicates that the simulation does a reasonably good job of predicting the acoustic 
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characteristics of a cavity with complicated geometry under the end of first pulse and second pulse 

motor’s operation. Furthermore, a procedure capable of tracking the actual modal characteristics 

variation during motor’s operation was presented. The procedure took advantage of the law of grain 

motion and “state frozen” method, then the 3D model of the motor during its operation was rebuilt 

accurately, which was provided to the modal analysis, consequently, the standard model was 

established. 

Based on the standard model, the piecewise linear characteristics of motor’s acoustic modes were 

grained and in deep analysis. Combined with the flight test, it is certainly that the method presented 

shows a greatly improved prediction accurate about the axial acoustic modes determination in dual 

pulse solid rocket motor combustion chamber. The result of such analysis provide a useful guide for 

study of motor instability as well as the cooperative design of motor and spacecraft. 
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ABSTRACT 
In Japan, road managers including expressway may respond to complaints such as road traffic noise, 

vibration, low frequency noise, and so on from residents along the road. Among these countermeasures, noise 
and vibration and so on complaints are identified and countermeasures are further examined and constructed, 
but on the other hand, in the case of low frequency noise caused by bridges, many examinations on the 
occurrence mechanism are required. Therefore, in this study, unsteady analysis was proposed by three-
dimensional finite element method on responses of a bridge due to vehicle load running on a bridge. The 
numerical simulation of the low frequency noise field was carried out by calculating the three dimensional 
wave equations with this unsteady analysis result as an unsteady boundary condition. By this method, it 
became possible to quantitatively investigate to which part of the bridge the cause of the low frequency noise 
originates. In this paper, identification of the cause of occurrence and simulation accuracy of the propagation 
path were verified by using the measured results of low frequency noise and vibration acceleration. 
 
Keywords: Low Frequency Noise, Sound, Expressway Bridge, Numerical Analysis 

1. INTRODUCTION 
With the promotion of public works, environmental problems, especially low frequency noise 

problems may occur. In recent years, many low frequency noise problems have arisen in wind power 
facilities in each country, and guidelines are shown and operated in Australia, New Zealand, Canada 
and Norway. [1-8] In Japan, the Ministry of Environment has established the "Manual for measuring 
low-frequency sound" [9], and this manual has been in operation since October 2000. In this manual, 
it is shown that the generation mechanism of low frequency sound and the generation source according 
to the generation mechanism are a) due to flat plate vibration, b) due to pulsation of air flow, c) due 
to unsteady excitation of gas, d) rapid of air compression and release. 

In Japan, the vibration of girders and slabs by the road traffic vibration spreads in the air, and 
produces low frequency noises in a land bridge particularly expressway bridge, and may receive a 
complaint from inhabitants to live in near expressways. It is necessary identifying an outbreak source 
and to examine an effective measures mechanic to cope with this complaint. What I install a lot of 
sensors in each part and material and belonging of the bridge, and many points measure at the same 
time is necessary, and there are great labor and the problem to cost of the expense in the preparations, 
measurement, analysis to measure the vibration of a figure and the floor version of the bridge, and to 
analyze it. It is intended that they estimate vibration and the quantity of the bridge by the simulation 
outbreak of the low frequency sound in substitution for the measurement in the true bridge, and the 
writers study technique analyzing the sound of the low frequency sound from dynamic reply analysis 
of the bridge upper part mechanic by the three dimensions finite element method to solve these. I 
became able to consider which part of the viaduct the cause of the low frequency sound was greatly 
                                                        
1 h.iwabuki.aa@ri-nexco.co.jp 
2 o.funahashi.aa@ri-nexco.co.jp 
3 shimura@kensetsukankyo.co.jp 
4 kamiakit@kensetsukankyo.co.jp 
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caused by by past results of research [10] quantitatively. In this article, I report the result that 
examined identification of the origin and the simulation precision of the spread course using an actual 
survey result of a low frequency sound and the vibration acceleration. 

2. Research bridge and conditions of measurement and analysis 

Here, the outline of the bridge measured in this research, and the measurement conditions and analysis 

conditions are described. 

2.1 Bridge outline 
The target bridge of measurement and analysis of this research is 10 span continuous steel 2 

main girder bridge among continuous viaducts. The main girder height is 4 m, the width is 10.9 m, 
the span length is 35 m, and a noise insulation wall with a height of 4 m is installed on the road 
shoulder side. A side view is shown in Fig. 1 and a cross-sectional view is shown in Fig.2 

2.2 Measurement condition 
Low frequency noise pressure levels were measured 

near the target bridge. The layout of the measurement 
points is shown in Fig.3and Fig.4. Four points were 
measured at a distance of 10 m from the bridge in the 
direction perpendicular to the bridge axis. In the bridge 
axis direction, S1 was set at P30, S2 was set at the middle 
of the span between P30 and P1, S3 was set at P1, and S4 
was set at the middle of the span between P1 and P2. The 
measurement was performed at a sampling frequency of 
200 Hz using a low frequency sound level meter NA-18 
manufactured by RION. 

 

Fig.1 Side view 

P29 P10P20 P21 P22 P23 P24 P25 P26 P27 P28 P4 P5 P6 P7 P8 P9

35m × 10 ＝ 350m 35m × 10 ＝ 350m

6m

4m

P30 P1 P2 P3

 

Fig.2 Cross-sectional view 

4m

1m

2.5m

2m 6.9m 2m

   

Fig.3 Plan view                      Fig.4 Cross-sectional view 
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2.3 Analysis condition 
The sound field space to be analyzed covered four spans from P29 to P3 including the expansion 

device of P30. The dynamic response analysis of the bridge used the existing commercial code DALIA 
(KOZO KEIKAKU ENGINEERING Inc.). The motion equation was discretized by the finite element 
method, and time integration was sequentially performed on the unsteady external force (vehicle 
travel) to perform unsteady response analysis. By setting the vibration velocity waveform of the entire 
bridge calculated from the dynamic response analysis of the bridge as the load velocity, the sound 
field analysis is performed by FEM, with the entire bridge modeled in the dynamic response analysis 
as the target of sound pressure radiation. The conditions of the model were changed and analysis was 
performed in seven cases. Case 1 is the basis. Case 2, 3 and 4 were set in which the mesh spacing of 
Case 1 was changed. Cases 5, 6, and 7 were set in which the sound field space of Case 1 was changed. 
It is shown in Table 1. The analysis time was 5 seconds from the time when the vehicle passes P29. 
 

Table.1 Analysis condition 

 

2.4 running conditions of the test vehicle 
The measurement of low frequency noise was performed by driving a large test vehicle (Nissan 

Diesel: KL-CD48ZWH, 3-axis large vehicle, gross weight 245kN) with the general vehicle running 
excluded. The traveling position was in the traveling lane, and the traveling speed was 80 km / h. 
Analysis was performed by modeling this vehicle. 

3. ANALYSIS METHOD OF LOW FREQUENCY NOISE  
Here, a method of analyzing low frequency sound is described. In this research, in order to 

solve the dynamic response calculation of the structure by the three-dimensional finite element 
method and transmit it to the sound field space, the sound field analysis is also solved by the three-
dimensional finite element method so that stress transfer of boundary conditions becomes easy. It was. 
[11] The excitation source was a driving excitation of a large test vehicle (Nissan Diesel: KL-
CD48ZWH, 3-axle large vehicle, gross weight 245 kN) [12]. 

3.1 Primitive equation 
In order to carry out the numeric simulation for the sound propagation in the air, the primitive 

variable equations are described in continuous system and equation of motion, as follows 
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Where x, y, z are three dimensional coordinate system in space, and u, v, and w are acoustic 

item

direction x y z x z

case 1 35 140 20 1 0.5 basis

case 2 35 140 20 2 0.5 Mesh: 2x in x direction

case 3 35 140 20 1 1 Mesh: 2x in z direction

case 4 35 140 20 1 2 Mesh: 4x in z direction

case 5 35 105 20 1 0.5 from P29 to P2

case 6 35 70 20 1 0.5 from P29 to P1

case 7 35 105 20 1 0.5 from P30 to P3

Sound Field [m] Mesh [m]
conditions
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particulate velocity for each direction. While p, ρ, C and t are sound pressure, the density of air, sound 
speed and time respectively. Unknown parameters are u, v, w, and p. 

3.2 Derivation of a wave equation 
For efficient calculation, velocity potential φ is introduced to derive wave equation below with 

one unknown parameter, thus 
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Where p is differentiated by time and u, v, and w are differentiated by each space coordinates. The 
derivative formulas become, 
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Then wave equation can be obtained by substitute these equations into continuous system. 
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3.3 Finite element equation and Boundary condition 
The finite element method is applied to the wave equation to obtain matrix equation. However, 

linear shape function is used for unknown values on the peak of hexahedral element.  
 

3.3.1 Finite element equation 

Finite element equation is described as follows 
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Then, each matrix is introduced by following integration 
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Where dΩ and dΓ are the analysis domain and the boundary, respectively. 
 

3.3.2 Handling of a time differentiation clause  

Time derivative of φ can be differentiated as follows,  
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Where m means time step. 
 

3.3.3 Boundary condition  
* The definition for particle velocity (e.g. the slab plate, the sound barriers, and the back acoustic 
board) is given by 
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* Sound penetration condition (i.e. impedance conditions: with open boundary) is presented by 
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* Sound reflection condition (for solid surfaces, such as the ground surface and a building used as 
natural boundary conditions in FEM) can be defined as 
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u n


 (12) 

Where n is the normal direction of coordinate system. 
With the application of lumped mass finite element equation, inverse-matrix calculation of M 

becomes unnecessary, thus improve calculation speed.  

4. Analysis of measurements and results 

4.1 Time history waveforms 
   The time history waveform of the measured value and the analyzed value is compared and 

analyzed. The respective time history waveforms of S1 to S4 are shown in Fig.5 to Fig.8. 
 

 

Fig.5  Time history waveforms of S1 

 

Fig.6  Time history waveforms of S2 

 

Fig.7  Time history waveforms of S3 

 

Fig.8  Time history waveforms of S4 

 
The vehicle is reached at P30 (Time = 1.575[s]) having an expansion device, passing P29 (Time 

= 0.0 [s]). After that, it can be seen that the value of the low frequency noise increases. This tendency 
is also observed with measured values and analyzed values. In the analysis values, Case 2 and 4 tend 

-4.0

-2.0

0.0

2.0

4.0

0.0 2.5 5.0

S
o

un
d

 P
re

ss
ur

e
  [

P
a]

Time [s]

 measure

 case1

 case2

 case3

 case4

 case5

 case6

 case7
-4.0

-2.0

0.0

2.0

4.0

0.0 2.5 5.0

S
o

un
d

 P
re

ss
ur

e
  [

P
a]

Time [s]

 measure

 case1

 case2

 case3

 case4

 case5

 case6

 case7

-4.0

-2.0

0.0

2.0

4.0

0.0 2.5 5.0

S
o

un
d

 P
re

ss
ur

e
  [

P
a]

Time [s]

 measure
 case1

 case2

 case3

 case4

 case5

 case6

 case7
-4.0

-2.0

0.0

2.0

4.0

0.0 2.5 5.0

S
o

un
d

 P
re

ss
ur

e
  [

P
a]

Time [s]

 measure
 case1

 case2

 case3

 case4

 case5

 case6

 case7

4672



 

 

to have a slightly different amplitude. It is assumed that changing the mesh spacing in the direction 
perpendicular to the bridge axis has an influence on the amplitude. On the other hand, even if the 
mesh spacing in the bridge axis direction is changed, the influence on the amplitude is small. It is 
assumed that the contribution from the nearest bridge member is high, and that the low frequency 
sound propagates radially but has a certain directivity. On the other hand, no major difference is seen 
except Case 2. Therefore, even if the mesh spacing in the bridge axis direction is changed, the 
influence on the amplitude is small. 

4.2 Frequency characteristics 
   The frequency characteristics were calculated by FFT analysis of time history waveform data. 

The condition of the FFT analysis was that the number of output points was 1,024 points, the window 
function was a Hamming function, the sampling time was 0.005 [s], and the frequency resolution was 
0.0976625 [Hz]. The frequency characteristics were calculated under these conditions for both 
measured and analyzed values, and comparison and analysis were performed. In the vertical axis, the 
left side is the measured value, and the right side is the analyzed value. 
 

 

Fig.10  Frequency characteristics of S1 

 

Fig.11  Frequency characteristics of S2 

 

Fig.12  Frequency characteristics of S3 

 

Fig.13  Frequency characteristics of S4 

 
The respective frequency characteristics of S1 to S4 are shown in Fig 10 to Fig.13. The most 

prominent frequency is 3 to 4 [Hz] in the actual measurement value, while the analysis value is 
approximately 2 to 3 [Hz], though it is slightly smaller, but it is almost the same. Although the degree 
of excellence are different in the tens of Hz band, the peak values are almost the same. Focusing only 
on analysis, Case 2 shows slightly different characteristics from the other cases. This is similar to the 
time history waveform. Changing the mesh spacing in the direction perpendicular to the bridge axis 
affects the frequency characteristics, while changing the mesh spacing in the bridge axis direction 
reduces the effects on the frequency characteristics. Focusing only on analysis, S2 and S4 on the side 
of the center of the span have almost no difference in frequency characteristics in each case, while S1 
and S3 on the side of the bridge pier have differences in frequency characteristics in each case. In an 
actual phenomenon, it is possible that structures such as girder ends, supports, and bridge piers 
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influenced the propagation of low frequency sound, and it is assumed that the analysis value deviates 
from the actual measurement value. Also, in the frequency band above 20 Hz, the analysis value tends 
to deviate from the measured value. It is conceivable that as the frequency band becomes higher, the 
wavelength becomes shorter, and when the mesh spacing is large, the waveform cannot be captured. 
In order to increase the accuracy of this frequency band by this method, it is considered necessary to 
reduce the mesh spacing. 

From the above, the present method is in a situation where it is difficult to make the analysis 
value coincide with the measurement value at present, but it is possible to derive the tendency of the 
frequency characteristic of the measurement value from the analysis value. Therefore, environmental 
problems relating to low frequency noise occur, and it is considered to be effective in investigating 
the cause and taking measures. 

5. CONCLUSIONS 
In this paper, we developed a method to analyze the acoustics of low frequency noise with the 

aim of estimating the vibration and low frequency noise of the bridge by simulation without measuring 
the actual bridge. In addition, low frequency noise was measured when a test vehicle was run without 
a general vehicle traveling on a bridge in service, and the measurement results were compared with 
the analysis results. As a result, the following was shown. 
 

 The actual measurement value and the analysis value by the present method differ in the 
degree of excellence of the amplitude value of the time history waveform and the 
frequency characteristic. However, almost the same tendency was obtained for the 
frequency characteristics. Therefore, it is considered effective in investigating the causes 
of environmental problems and taking measures. 

 The mesh spacing of the sound field space needs to set the spacing necessary for analysis 
of the target frequency band. 

 
   These acquired findings are considered to be useful for coping with environmental problems 
that occur in various projects such as expressway projects. 

In the future, it is an issue to expand the application range of this method by conducting similar 
analysis with different types of bridges. 
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Abstract
Modal expansion techniques are efficient order reduction tools for bounded problems, but their use for exterior
problems is less investigated. In the present article a simple vibrating structure embedded in a heavy exterior
acoustic fluid is studied. Using a coupled finite element model, with perfectly matched layers (PMLs) to insure
the Sommerfeld boundary condition, we show that the coupled fluid-structure modes can be obtained by solving
a linear eigenvalue problem. The full basis comprising the fluid loaded structural modes and numerical PML
modes is then used to expand the structural displacement and the radiated acoustic pressure, providing good
accuracy. It is shown that the displacement potential appears to be a more natural variable than the acoustic
pressure to describe the fluid state. This modal approach is then applied in a real case where a dielectric
elastomer loudspeaker is studied, and validated by measurements.
Keywords: Dielectric elastomer, Vibro-acoustic coupling, Perfectly Matched Layers

1 INTRODUCTION
Modal approaches are common model order reduction tools for bounded problems, and are broadly used for
all types of dynamical systems. When part of the problem is open, like for exterior acoustic radiation, modal
approaches are less investigated. Hein et al. [4] used Perfectly Matched Layers (PMLs) to compute the reso-
nances of open acoustical systems. They were able to retrieve the trapped modes (non-damped modes) that may
exist in open systems, but also found so-called leaky modes (modes which are damped because of radiation).
However, the obtained modal basis is not used to reconstruct the radiated acoustic field.
Modal superposition methods for the calculation of exterior radiation have been used for example in [8], where
resonance modes are used to solve an exterior acoustic problem consisting of an open cavity in an exterior fluid.
A FEM/BEM coupled model has been reduced using resonance modes to compute the radiated sound pressure
by Peters et al. [11]. In the field of optics and electrodynamics, the use of resonance modes to describe
open systems has been studied in a larger extent [7], mainly for laser applications. The modal approach is
presented as an efficient method, especially for its easy physical interpretation compared to direct frequency
domain approaches.
To the author’s knowledge, few publications present acoustic radiation calculations of vibro-acoustic systems
using model order reduction techniques based on resonance modes. In order to introduce the proposed method,
a simple vibro-acoustic system is considered, consisting in a tensioned membrane embedded in a infinite plane,
and immersed in an acoustic fluid. A fully coupled finite element model is set-up, using PMLs to implement the
radiation boundary condition. A linear eigenvalue problem is obtained, and solved using a standard eigenvalue
solver. The resulting modal basis is used to reconstruct the radiated acoustic field, and compared to semi-
analytical results.
To demonstrate the applicability of the method, a real system is then analysed using this modal approach. We
consider an dielectric elastomer membrane, which is an active material made of a thin silicone film (200 µm)
sandwiched between two compliant electrodes. This material is capable of large deformations (up to 100%)
when a high voltage is applied between the electrodes [10]. In the studied configuration this membrane is
inflated over a closed cavity, and radiates sound when an audio signal is applied [1, 5].

4676



2 MODAL EXPANSION FOR RADIATION OF FLUID LOADED STRUCTURES
2.1 Description of the studied system
In order to investigate modal methods for exterior radiation of resonant structures, a simple axi-symmetric sys-
tem is considered, consisting of a flat tensioned membrane embedded in an infinite baffle (see Fig. 1). The
speed of sound is denoted cF , the fluid density ρF , the speed of transversal waves in the membrane cS, the
membrane density ρS, and the membrane thickness h.

Symmetry axis
Membrane

PML

Figure 1. Schematics of the simplified system: a membrane is embedded in an infinite baffle.

The non-dimensional equations governing the dynamics of the system are:

∂ξ

∂ t2 −
∂ξ

∂ r2 +P = Pforce on Σ ,
∂ξ

∂ r
(r = 0) = 0 , ξ (r = 1) = 0 , (1)

∂P
∂ t2 −α∆P = 0 in Ω , ∇∇∇P ·nnn = β

∂ξ

∂ t2 on Σ , ∇∇∇P ·nnn = 0 on Σn , (2)

where Ω is the whole acoustical domain, ξ the membrane displacement along z, P the acoustic pressure, α =
ρF/ρS, and β = c2

F/c2
S. The time is scaled by h/cS, all lengths by h, and the pressures by ρSc2

S. The Pforce(r, t)
is an external pressure applied to the membrane. In the following the time dependence of all fields is eiωt .
In the rest of the present study, the fluid state is described by the displacement potential Q = P/ω2 instead of
the pressure P. This choice will be justified later. The governing equations using Q instead of P read [9]:

−ω
2
ξ − ∂ξ

∂ r2 +ω
2Q = Pforce on Σ ,

∂ξ

∂ r
(r = 0) = 0 , ξ (r = 1) = 0 , (3)

ω
2Q+α∆Q = 0 in Ω , ∇∇∇Q ·nnn =−βξ on Σ , ∇∇∇Q ·nnn = 0 on Σn . (4)

A Sommerfeld radiation boundary condition must be added on Σint. This condition is implemented using Per-
fectly Matched Layers (PMLs), by introducing the following complex change of variables:

r̃ =
{

r− i
∫ r

rint
σr(s)ds for r > rint

r otherwise
, z̃ =

{
z− i

∫ z
zint

σz(s)ds for z > zint

z otherwise
,

where σr(r) = σ0(r− rint)
2 and σz(z) = σ0(z− zint)

2 are the attenuation functions, and σ0 is an attenuation pa-
rameter that should be adjusted. The changes of variables imply the following changes of the partial derivatives:

∂

∂ r̃
=

1
1− iσr(r)

∂

∂ r
=

1
γr(r)

∂

∂ r
,

∂

∂ z̃
=

1
1− iσz(z)

∂

∂ z
=

1
γz(z)

∂

∂ z
,

where the γ functions are defined as:

γr(r) =
{

1− iσr(r) for r > rint
1 otherwise , γz(z) =

{
1− iσz(z) for z > zint

1 otherwise .
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The weak form of the structural and acoustic equations is obtained by multiplying Eq. (4) and Eq. (3) by test
functions Q̂ and ξ̂ , integrating by parts, and using the change of variables r̃ and z̃:

−ω
2
∫

Ω

QQ̂γrγzr̃drdz+α

∫
Ω

(
γz

γr

∂Q
∂ r

∂ Q̂
∂ r

+
γr

γz

∂Q
∂ z

∂ Q̂
∂ z

)
r̃drdz+αβ

∫
Σ

ξ Q̂r̃dr = 0 , (5)

−ω
2
∫

Σ

ξ ξ̂ rdr+
∫

Σ

∂ξ

∂ r
∂ ξ̂

∂ r
rdr+ω

2
∫

Σ

Qξ̂ rdr =
∫

Σ

Pforceξ̂ rdr . (6)

2.2 Numerical solving
The weak form obtained in previous section is discretized using finite elements. This is performed in the
FreeFem++ software [3], which provides interpolation routines that allow to compute integrals on a common
line of functions defined on different meshes. This allows us to build the total mass and stiffness matrices:(

−ω
2
[

MF 0
−R† MS

]
+

[
αKF αβR

0 KS

])[
Q
ξ

]
=

[
0
FS

]
⇔ (−ω

2M+K)X = F . (7)

where MF and KF are the mass and stiffness matrices of the fluid, MS and KS those of the structure, R the
coupling matrix, R† the hermitian transpose of R, and FS the force vector on the structure. There is no acoustic
source.
The matrix system Eq. (7) can be solved by various methods. The first option is to invert the system for all
frequencies of interest. This will be referred to as the FEM method:

X(ω) =

[
Q(ω)
ξ (ω)

]
= (−ω

2M+K)−1F(ω) . (8)

Modal methods can also be used, even if the problem involves exterior radiation. Indeed, as the reader may have
noticed, the mass and stiffness matrices are frequency independent so a linear eigenvalue problem is obtained.
This happens because frequency independent PMLs have been chosen, and because no viscous losses are ac-
counted for. Structural losses are modeled a posteriori using Rayleigh damping. The mass and stiffness matrices
are not symmetric, so left and right modeshapes are computed: (−ω2

n M +K)ψR
n = 0 and ψL

n (−ω2
n M +K) = 0.

If all eigenvalues are of order one, which is the case here, the following bi-orthogonality relations hold:
ψLMψR = diag(µn) and ψLKψR = diag(κn), where ψR and ψL are the matrices containing the right and left
modeshapes respectively, and µn and κn the modal mass and stiffness of mode n. The total displacement can
then be expanded on the right modeshapes as X = ψRc, where c is the vector of modal amplitudes. The modal
amplitudes are easily obtained as:

cn(ω) =
ψL

n F(ω)

µn(ω2
n −ω2)

. (9)

This finally yields:

X(ω) =

[
Q(ω)
ξ (ω)

]
=

[
P(ω)/ω2

ξ (ω)

]
=

N

∑
n=1

cn(ω)ψR
n . (10)

The displacement of the membrane and the acoustic pressure calculated using Eq. (10) will be referred to as the
Modal results. The convergence of this method with the number of modes N taken into account is of primary
interest, and is studied in section 2.3.
A last option to compute the radiated field is to use the Rayleigh integral. Indeed, as the membrane is flat and
embedded in a infinite plane, the radiated pressure can be computed by:

P(xxxr,ω) =−ω
2
β

∫
Σ

ξ (ω)
e−ik|xxxs−xxxr |

2π|xxxs− xxxr|
dS(xxxs) , (11)

where the element source is located at xxxs and the receiver at xxxr, and the membrane displacement ξ is computed
by Eq. (8). This method for computing the radiated pressure is called FEM Rayleigh.
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Table 1. Parameters used in all numerical tests

α β Pforce σ0 rint zint dPML

100 1
{

1 if r < 0.5
0 otherwise 100 1.5 0.7 0.5

2.3 Results
The membrane is meshed by 50 Lagrangian P2 elements along its radius, and the total mesh is shown in
Fig. 2(a). The parameters used in the numerical tests are given in Table 1. These parameters correspond to
typical values of the dielectric elastomer loudspeaker studied in section 3. The parameter α is much larger than
one, meaning that the first modes of the membrane occur at low frequencies for acoustics (the acoustical wave-
length is much larger than the structural wavelength). The parameter β is of order 1, so the fluid loading effect
on the membrane is not negligible. The PML absorption parameter σ0 has been adjusted so that reflections on
the PML are as small as possible in the frequency range of interest. The PML efficiency is analysed in Fig. 2
where the FEM and FEM Rayleigh solutions are compared to each other. They both yield the same results.
The FEM Rayleigh method implements directly the free-field radiation, so if the FEM method gives the same
results as the Rayleigh method, it means that no reflections occur on the PML surface Σint.

(a) (b)

10
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10
2
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20

30

40

50

60

P
 (

d
B

)

FEM

FEM Rayleigh

Figure 2. (a) Mesh of the membrane and surrounding fluid. The yellow area is the PML, and the black dot the
receiver location. (b) Acoustic pressure at the receiver location.

The first 300 modes (ordered by increasing modulus of the eigenfrequency) are computed, and the eigenfre-
quencies are plotted in the complex plane in Fig. 3, together with the modal loss factors. This figure clearly
shows that there are two categories of modes: the resonant modes of the fluid loaded membrane (which we
call membrane modes), and a series of so-called PML modes. The PML modes arise from reflections inside
the PMLs. The pressure in these modes is very large inside the PMLs and smaller in the physical part of the
domain (see Fig. 4). As the PML is largely damped, PML modes have a high modal loss factor. We thus dis-
tinguish PML modes from membrane modes using a simple threshold on the modal loss factor (see Fig. 3(b)).
It has also been checked that the membrane modes are independent of the PML parameters, and that the PML
modes are not.

The radiated acoustic pressure is calculated using the FEM and the Modal methods. The convergence of the
modal method to the reference FEM calculation when the number of modes is increased is studied in Fig. 5.
Three subsets of modes are considered: the first 30 membrane modes among the first 300 modes, the first
100 modes including PML modes, and the first 300 modes including PML modes. Figure 5 shows that the
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Figure 3. (a) First 300 eigenfrequencies in the complex plane. (b) Modal loss factors of the first 300 modes.

Figure 4. First 12 coupled modes. The black line is the displacement of the membrane, and the colour in the
acoustical domain is the real part of the pressure of the mode. Here modes 1, 2, 4, 5, 8 and 10 are membrane
modes, the rest are PML modes.

membrane displacement is correctly described by a small number of modes. What is more, if PML modes are
removed from the modal expansion (only membrane modes are kept), the membrane displacement is still very
well predicted. This suggests that the set of membrane fluid-loaded resonance modes forms a complete basis
for the membrane vibrations.
On the other hand, if only membrane modes are used to compute the acoustic radiation, a poor estimation of
the radiated pressure is obtained. This means that the basis of fluid loaded membrane modes is not a complete
basis to describe exterior acoustics. If the PML modes are included, the Modal solution converges to the FEM
solution. With 300 modes, the Modal expansion gives exactly the same solution as the FEM calculation. This
means that the full basis including PML modes seems to form a complete basis for exterior radiation.
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Figure 5. Convergence of the Modal solution to the FEM solution. (a) Displacement of the membrane at radius
r = 0.5. (b) Pressure at the receiver location.

Lalanne et al. [7] investigated extensively the use of modal methods to study open resonators, but for optical
applications. They also coupled PMLs to finite elements, and concluded that in the general case PML modes
should be included in the modal expansion to yield accurate results. The same is observed here: we need to
include PML modes to get an accurate prediction of the acoustic response.

If the fluid were described by the pressure P rather than the displacement potential Q, the modal expansion of
the pressure would have been of the following form:[

P(ω)
ξ (ω)

]
=

N

∑
n=1

dn(ω)φ R
n , (12)

where dn are the modal amplitudes, and φ R
n the right modeshapes. Comparing Eqs. (10) and (12) shows that if

the pressure is used as the main variable, P and ξ have the same frequency dependence, whereas it is not the
case in Eq. (10). The convergence of the modal solution to the FEM solution for the acoustic pressure is then
much worse, as shown in Fig. 6. Interestingly, if the static contribution of higher order modes is included in
Eq. (12) (see [12] for example), the frequency dependence of the modal amplitudes in Eq. (12) is corrected and
Eq. (10) is retrieved. To conclude, the displacement potential appears to be a more efficient variable to describe
the fluid state for coupled fluid/structure radiation problems.

3 APPLICATION TO THE SOUND RADIATION OF A DIELECTRIC ELASTOMER
LOUDSPEAKER

3.1 Description of the studied system
In this section the modal method for exterior sound radiation presented in a simplified case in section 2 is
applied to estimate the pressure radiated by a dielectric elastomer loudspeaker. This loudspeaker consists of an
inflated silicone membrane coated on both sides with conductive grease, see Fig. 7(a).
When a voltage is applied to the electrodes, the membrane area increases [10]. This effect can be used to
radiate sound [5, 1, 6]. We built a prototype using this principle, and measured its sound radiation on axis at a
distance of 1 m in an anechoic chamber.
An electro-mechanical model of the membrane dynamics (similar to [13]) is built, and coupled to acoustics
inside and outside the cavity. The details of the coupled model are too heavy to be presented here, but will be

4681



(a) (b)

10
0

10
1

10
2

 (-)

20

30

40

50

60

P
 (

d
B

)

FEM

Modal P

Modal Q

10
0

10
1

10
2

 (-)

20

30

40

50

60

P
 (

d
B

)

FEM

Modal P

Modal Q

Figure 6. Pressure at the receiver location, calculation with the FEM method, and with modal methods. Modal
P is the modal solution described in Eq. (12), and Modal Q is the solution given in Eq. (10). (a) 100 modes
included in the modal expansion. (b) 300 modes.
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Figure 7. (a) Schematics of the dielectric elastomer loudspeaker. (b) Frequency response function between the
radiated pressure on axis at 1m, and the excitation signal Ws.

published soon [2]. The coupled resonance modes of the system are computed, and used as a basis to calculate
the acoustical radiation of the loudspeaker, when it is excited by the electro-static force created by the charged
electrodes.
The acoustic mesh around the loudspeaker is small, to limit the number of degrees of freedom. The modal
method therefore only allows to express the acoustic pressure close to the membrane, which is then propagated
to the far field using a Kirshoff-Helmhotlz (KH) integral. Here the first 500 modes (including PML modes) are
used in the modal expansion.

3.2 Results
The transfer function between the excitation signal Ws and the radiated acoustic pressure on axis at 1m is
plotted in Fig. 7(b). The match of the resonance frequencies is really good, and the peak amplitudes also
fit rather well. What is more, the two anti-resonances and resonances around 1100 Hz and 2200 Hz, which
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correspond to standing waves in the cavity are reproduced by the coupled model. This is a pure effect of
strong vibro-acoustic coupling, demonstrating that a fully coupled model is mandatory to correctly describe the
behaviour of this loudspeaker.

4 CONCLUSION
In the present study the use of fluid-loaded resonance modes for the calculation of exterior acoustic radiation
has been investigated. It has been shown that an alternative formulation where the displacement potential is used
instead of the pressure in the fluid domain allows a much better convergence of the modal expansion. The modal
expansion on the resonance modes has then been used to compute the acoustic radiation of a dielectric elastomer
loudspeaker, demonstrating its potential application on a real system. This model method is especially well
suited for modal force optimizations, for example when the shape of the electrodes of the dielectric elastomer
membrane is optimized to improve the spectral balance. Indeed, the system then remains almost identical, so
the modes only need to be computed once.

ACKNOWLEDGEMENTS
The authors acknowledge the support of the French National Research Agency (ANR) within the project SMArT
(ANR-15-CE08-0007-02).

REFERENCES
[1] J. W. Fox and N. C. Goulbourne. Electric field-induced surface transformations and experimental dy-

namic characteristics of dielectric elastomer membranes. Journal of the Mechanics and Physics of Solids,
57(8):1417–1435, Aug. 2009.

[2] E. Garnell, C. Rouby, and O. Doaré. Dynamics and sound radiation of a dielectric elastomer membrane.
Submitted for journal publication, Apr. 2019.

[3] F. Hecht. New development in freefem++. Journal of Numerical Mathematics, 20(3-4):251–266, 2013.
[4] S. Hein, T. Hohage, and W. Koch. On resonances in open systems. Journal of Fluid Mechanics, 506:255–

284, May 2004.
[5] R. Heydt, R. Pelrine, J. Joseph, J. Eckerle, and R. Kornbluh. Acoustical performance of an electrostrictive

polymer film loudspeaker. The Journal of the Acoustical Society of America, 107(2):833–839, 2000.
[6] N. Hosoya, H. Masuda, and S. Maeda. Balloon dielectric elastomer actuator speaker. Applied Acoustics,

148:238–245, May 2019.
[7] P. Lalanne, W. Yan, K. Vynck, C. Sauvan, and J.-P. Hugonin. Light Interaction with Photonic and Plas-

monic Resonances. Laser & Photonics Reviews, 12(5):1700113, May 2018.
[8] L. Moheit and S. Marburg. Normal Modes and Modal Reduction in Exterior Acoustics. Journal of Theo-

retical and Computational Acoustics, 26(03):1850029, Sept. 2018.
[9] R. Ohayon and C. Soize. Structural Acoustics and Vibration: Mechanical Models, Variational Formulations

and Discretization. Academic Press, San Diego, 1998. OCLC: 247803545.
[10] R. Pelrine, R. Kornbluh, Q. Pei, and J. Joseph. High-Speed Electrically Actuated Elastomers with Strain

Greater Than 100%. Science, 287(5454):836–839, Feb. 2000.
[11] H. Peters, N. Kessissoglou, and S. Marburg. Modal decomposition of exterior acoustic-structure interaction.

The Journal of the Acoustical Society of America, 133(5):2668–2677, May 2013.
[12] J.-F. Sigrist. Fluid-Structure Interaction: An Introduction to Finite Element Coupling. John Wiley & Sons,

2015.
[13] J. Zhu, S. Cai, and Z. Suo. Resonant behavior of a membrane of a dielectric elastomer. International

Journal of Solids and Structures, 47(24):3254–3262, Dec. 2010.

4683



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Study on the sound transmission loss of a truncated conical shell 
excited by an incident plane acoustic wave 
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ABSTRACT 
In this paper, a theoretical model is proposed to study on the sound transmission loss of a thin-walled 
truncated circular conical shell subjected to an incident plane acoustic wave. The shell motion is governed by 
Love’s theory and a convergent power series solution is used to obtain exact displacements of the shell. The 
current results are firstly validated against those of the experimental and analytical works reported in the 
literature. Parametric study is then conducted to investigate the effects of several important design parameters 
including different boundary conditions at the ends of the shell, cone angle, incidence sound wave angle, wall 
thickness and material properties of the shell on the characteristics of the sound transmission loss. The 
presented model can be useful and effective in the acoustic design stage of the truncated conical shells. 
 
Keywords: Sound transmission loss, Truncated Conical Shell, Plane sound wave 

1. INTRODUCTION 
Plates and shells are widely applied in many types of industries such as aerospace, automotive, 

marine and military. The interaction of these structures and surrounding fluids mostly induces 
transmission of undesirable vibroacoustic energy, which can lead to structural fatigue and noise 
pollution in the systems. For instance, the transmission of sound power into the vehicle body such as 
aircraft, train and car can be a discomfort for the passengers. Therefore, the acoustic transmission 
problem of plates and shells has attracted extensive research attention and numerous works on the 
transmission of sound through panels and cylindrical shells have been performed for decades. 

The early study for calculating the sound transmission through panel structures can be traced back 
to the work carried out by Beranek and Work (1). Koval (2) studied the sound transmission loss of 
aircraft fuselage panels and the influences of panel curvature, fuselage pressurization and external air 
flow on the acoustic behavior of the structure. Lee and Kim (3) developed a theoretical model to 
investigate on the sound transmission characteristics of a thin plate stiffened by equally spaced line 
stiffeners. Xin et al. (4, 5) theoretically and experimentally obtained the transmission loss of thin 
double-panel partitions with finite dimensions. They showed that the effect of boundary conditions is 
more considerable at low frequencies. The transmission loss of triple-panel structures lined with 
porous layers was studied by Liu (6). Mana and Sonti (7) presented a theoretical model to compute the 
acoustic transmission through a finite perforated panel set.  Qiao et al. (8) studied on the sound 
insulation of a periodically rib-stiffened double panel with porous lining. 

The prediction of the acoustic transmission through thin-walled cylindrical shells was firstly 
performed by Smith (9). For an aircraft fuselage, Koval analytically studied the sound transmission 
into a thin cylindrical shell under flight conditions (10) an orthotropic shell (11), and a laminated 
composite cylindrical shell (12). Lee and Kim (13, 14) carried out analytical and experimental 
analyses for the transmission loss of thin single- and double-walled cylindrical shells. The influences 
of geometrical and mechanical properties of the shells were also explored by them. Zhou et al. (15) 
analytically investigated on the transmission loss of sandwich cylindrical shells with infinite length. 
Magniez et al. (16) proposed an analytical model for calculating the sound transmission loss of 
orthotropic sandwich cylindrical shells lined with porous layer. Golzari and Jafari (17) studied on the 

                                                        
1 mgolzari@mail.kntu.ac.ir 
2 ajafari@kntu.ac.ir 
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sound insulation performance of triple- and multi-walled sandwich cylindrical shell with poroelastic 
layers and air gaps in a diffuse sound field. 

Conical shells are extensively used in many practical applications such as aircrafts, submarines, 
rockets, and tanks. However, study on the sound transmission behavior of these highly complicated 
structures has received a little attention for decades. In this regard, it can be referred to the work 
experimentally performed by Vipperman et al. (18) who measured the acoustic transmission through a 
truncated conical shell. Therefore, the main purpose of this study is to propose a theoretical model for 
investigating on the sound transmission through truncated circular conical shells and the influences of 
different boundary conditions at the ends of the shell, cone angle, incidence sound wave angle, 
thickness and material properties of the shell on the transmission loss characteristics. 

2. FORMULATION OF THE VIBROACOUSTIC PROBLEM 
The geometry and coordinate system of a truncated circular conical shell considered in this study 

are shown in Figure 1. R1 and R2 are the radiuses at the smaller and larger ends, respectively, α is the 
semi-vertex angle, L is the height, Ls is the slant height, and h is the wall thickness. The boundary 
conditions at the ends of the thin isotropic shell are simply supported. In the curvilinear coordinate 
system, the x and  respectively show the meridional and circumferential directions, and z is normal 
to the shell surface. A harmonic plane acoustic wave impinges on the external surface with the 
incidence angle  with respect to N, and it is partially transmitted into the inner cavity, which is 
assumed with no reverberation. 

 
Figure 1 – A schematic sketch of the sound transmission through the truncated conical shell 

The equations of motion of the thin-walled truncated conical shell based on Love’s shell theory are 
written as follows (19): 

 (1) 

 (2) 

 (3) 

where u, v and w are, respectively, the displacement components at the neutral surface in x,  and z 
directions.  is the material density of the conical shell. The expression  
denotes the pressure difference applying on the shell, in which PI, PR and PT are the incident, reflected 
and transmitted sound pressures, respectively. The partial differential operators  L1, L2 and L3 are also 
given in Appendix. 

As shown in Figure 2, to determine the acoustic pressures at the shell and fluid media interfaces, the 
conical shell is divided into N parts which are narrow enough to be considered locally cylindrical, in 
which the quantity of the sound pressures on the conical segment equals that on the equivalent 
cylindrical counterpart with the same mean radius R0,i and length li. Hence the pressure waves in the 
cylindrical coordinate system can be written as (15, 17): 

(4) 

 (5) 
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 (6) 

where pI, pR and pT are the amplitudes of the incident, reflected and transmitted sound waves, 
respectively. r,  and capital letter X are, respectively, the radial, circumferential and axial directions 
in the cylindrical coordinate system. ω is the angular frequency of the incident sound wave, , 
n is the circumferential mode number, εn is the Neumann factor in which εn=1 for n=0 and εn=2 for 
n=1,2,… . ,  and  are the Bessel function of the first kind, Hankel function of the first kind 
and Hankel function of the second kind of order n, respectively. Since the travelling waves within the 
system are driven by the incident wave, the axial wavenumbers in the fluid media must be equal, i.e. 
k1X=k2X=k3X. Also k1X=k1sin(α+β) and k1r=k1cos(α+β), in which k1=ω/c. c is the speed of sound in the 
fluid media. 

 

Figure 2 – A schematic sketch showing the narrow conical segments 
The truncated conical segments in Figure 2 are connected together by using eight continuity 

equations at each intersection. These boundary conditions can be formulated as follows: 
  (7) 

   (8) 

   where:  (9) 

where i=1,2,..,N-1, ls,i is the slant length of the ith cone and .  
At the interfaces between the truncated conical segments and the fluid media, the particle velocities 

of the fluid media in the z direction normal to the shell surface must equal to the normal velocity of the 
shell. Hence, the following relations are obtained: 

 (10a) 

 (10b)

where Vr and VX are the sound particle velocities in the radial and longitudinal directions of the 
cylindrical coordinate system, respectively. 

The boundary conditions at the ends of the truncated conical shell , i.e. x=0,Ls, for the simply 
supported (S), clamped (C) and free (F) boundary conditions are defined in equations (11)-(13), 
respectively, as follows: 

    (11) 

    (12) 

    (13) 
General solution in the form of power series for the displacement components of the each truncated 

conical part can be expressed as: 

 where:  (14) 

 where:  (15) 
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 where:  (16) 

in which am, bm and cm are the constants. 
By using equations 4-6, 10 and 14-16, and substituting them into the governing equations given in 

equations 1-3, it is found that the displacements of the conical parts can be obtained in terms of eight 
unknown constants a0, a1, b0, b1, c0, c1, c2 and c3 as follows: 

 (17) 

where up,i(x), vp,i(x) and wp,i(x) (p=0,1,2,…,8; i=1,2,…,N) are the base functions and x=[a0 a1 b0 b1 c0 
c1 c2 c3]T. 

Substituting equation 17 into the boundary conditions at the intersections between the conical strips 
provided in equations 7-9 and the boundary conditions at both ends of the truncated conical shell , here 
simply supported boundary condition in equation 11, leads to the following matrix equation for each 
circumferential mode number n: 

 (18) 
By solving the matrix equation 18, the displacement components of the truncated conical shell are 

determined, which are used to obtain the reflected and transmitted sound pressures from equations 10.  
Finally, the transmission loss is defined in below (14, 15): 

 (19) 

where the incident sound power WI and the transmitted sound power Wn
T are: 

 (20) 

 (21) 

where Re  and  represent the real part and complex conjugate of the argument, respectively. Sin 
is the plane projection of the conical shell surface and .  is the 
particle velocity of the incident plane sound wave, in which  is the density of external fluid. In a 
randomly incidence field, the average transmission loss is also defined by (14): 

 (22) 

where βlim is the limiting angle of incident sound wave, in which above this angle it is assumed that no 
acoustic wave can cross the conical shell. 

3. RESULTS AND DISCUSSION 
In Table 1, the basic property parameters of the truncated conical steel shell are presented. The 

boundary conditions at the ends of the shell are simply supported. The amplitude of the incident 
acoustic wave is 1 Pa, and the fluid media in the outside and inside of the shell is ambient air at 20°C 
with the density of 1.21 kg m-3 and the sound speed of 343.2 m s-1. 

3.1 Convergence checking 
Because the acoustic waves, displacement components and transmission loss are expressed as 

series form, the use of inadequate number of circumferential modes n leads to unreliable outcomes. 
Therefore, the convergence checking should be carried out during the analysis. Figure 3 shows the 
variation of transmission loss with the circumferential mode number n at the frequencies of 200 Hz, 2 
kHz and 20 kHz. The mode convergence curve changes with n until it reaches a constant value. It is 
also observed that the number of modes needed for converging increases as the frequency is enhanced . 

3.2 Model validation 
Since the acoustic transmission through conical shells has seldom been studied as mentioned in 

Section 1, Figures 4 and 5 respectively show the comparisons carried out between the current results 
and those of Zhou et al. (15), and Lee and Kim (14) for circular cylindrical shells. It should be noted 
that the sound transmission problem of the cylindrical shells can be achieved by substituting α=0 into 
the governing equations implemented for the truncated conical shells in Section 2. From these figures, 
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Table 1 – Property parameters of the truncated conical steel shell 

Symbol Description Value 

 Material density 7850 kg m-3 

 Young’s modulus of elasticity 2 × 1011 Pa 

 Poisson’s ratio 0.3 

 Small radius 0.1 m 

 Large radius 0.144 m 

 Semi-vertex angle 5° 

 Thickness 1 mm 

 Height 0.5 m 
 

 
Figure 3 – Convergence checking for the sound transmission loss of the truncated conical shell 

it is observed that the results of the present model are in a good agreement with those of Zhou  et al. 
(15) and Lee and Kim (14) at middle and high frequencies. However, discrepancies particularly in the 
low frequency range can be attributed to two main reasons: (a) because the analytical models proposed 
by Zhou and Lee are presented for the shell with infinite length, they are not capable to take into 
account the effects of the finite-size assumptions such as the implication of boundary constraints at the 
ends. Considering the boundary condition increases the shell stiffness which leads to an improvement 
in the transmission loss outcomes at low frequencies. However, by increasing of the length size, the 
analytical predictions approach each other at these frequencies. (b) In the Lee’s experimental setting 
the creation of an incident plane acoustic wave condition by a single external sound source and the 
acoustic room without reverberation is not clear. Also, the inner cavity in the current model is assumed 
to be anechoic while in the experimental model is reverberant.  

  
Figure 4 – Comparison of the present results with 

the analytical results of Zhou et al. (15), β=45° 

Figure 5 – Comparison of the present results with 

the experimental measurements and analytical 

results of Lee and Kim (14) 
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3.3 Parametric study 
In Figure 6, the transmission loss outcomes of the truncated conical shell with free -free (F-F), 

simply-simply (S-S) and clamped-clamped (C-C) boundary conditions are presented. It can be seen 
that the effect of boundary constraint through changing the shell stiffness is more considerable at the 
frequencies below 1000 Hz. The highest and lowest transmission loss amplitude are generally 
predicted by the fully clamped and free boundary conditions, respectively. However by disappearing 
the influence of the boundary conditions, there is no significant behavior for the sound transmission 
losses at higher frequencies and the tendency of the curves is similar.  

 
Figure 6 – Effect of the boundary conditions on the transmission loss of the truncated conical shell, β=45° 

Figure 7 shows the transmission loss of the truncated conical shell at different semi -vertex angles 
α=0°, 5°, 10°. It should be noted that α=0° is corresponded with the cylindrical shell with the mean 
radius 0.122 m, which equals to the mean radius of the conical shell with the parameters given in Table 
1. It is concluded that the transmission loss at frequencies below 400 Hz is reduced as the cone angle 
increases, specifically for the cylindrical shell compared with the conical shell. This can be caused by 
reducing the shell stiffness when the cone angle is enhanced. The mass law states that the sound 
transmission loss increases with the mass or frequency and decreases by the acoustic impedance of the 
fluid media (17). Therefore, increasing of the cone angle leads to slightly superior transmission loss at 
higher frequencies as a result of the mass increase. 

Figure 8 represents the acoustic transmission of the truncated conical shell at different incidence 
angles. The transmission of sound into the shell is significantly increased in the frequency range 250 
Hz to 2800 Hz as the incidence angle decreases. However, an improvement in the transmission loss is 
observed at other frequencies. 

  
Figure 7 – Effect of the cone angle on the 

transmission loss of the truncated conical shell, 

R1=0.1 m, L=0.5 m, β=45° 

Figure 8 – Effect of the incidence acoustic wave 

angle on the transmission loss of the truncated 

conical shell 
Figure 9 illustrates the effect of the shell thickness on the transmission loss of the truncated conical 

shell. By increasing of the thickness, the transmission of sound into the inner cavity is reduced over a 
wide frequency range. This is because both the shell stiffness and shell mass enhance. However, it 
should be noted that an enhancement in the shell thickness is not always an appropriate perspective to 
reach superior sound insulation performance because of the design restriction in the weight, 
construction procedure and costs. 
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A comparison between the transmission loss outcomes for three types of materials including 
aluminum (with density 2700 kg m-3, Young modulus 69 GPa and Poisson’s ratio 0.33), steel and brass 
(with density 8553 kg m-3, Young modulus 104 GPa and Poisson’s ratio 0.37) is carried out in Figure 
10. It is shown that the best transmission loss at low and middle frequencies is achieve by the conical 
steel shell, whereas the conical shell made of brass has the highest amplitude of the transmission loss 
at high frequencies. Because steel and brass have the most stiffness and mass, respectively. 

  
Figure 9 – Effect of the shell thickness on the the 

transmission loss of the truncated conical shell, 

β=45° 

Figure 10 – Effect of the shell material properties on 

the transmission loss of the truncated conical shell. 

β=45° 

4. CONCLUSIONS 
Sound transmission loss of a thin-walled truncated circular conical shell, which is excited by an 

oblique incident plane sound wave, was theoretically investigated. Love’s theory was used to 
implement the governing equations of the shell motion and a convergent power series solution was 
employed to obtain the exact displacements of the conical shell. In order to compute the acoustic 
pressure loadings at the structure-fluid interfaces, the shell is divided into segments which are narrow 
enough to be taken into account locally cylindrical. At first, the model predictions were validated 
against both their experimental and analytical counterparts provided in previous studies and in this 
regard, a good agreement was achieved. Then, the effects of several key parameters were investigated 
on the transmission loss, which can be summarized as follows: 

The effect of the boundary constraint is found to be more significant at low frequencies. In this 
regard, the comparison between the results of simply supported-simply supported, clamped-clamped 
and free-free boundary conditions shows the highest and lowest transmission loss for the fully clamped 
boundary condition and free boundary condition, respectively. However, a similar trend for the 
transmission loss behaviors is observed at higher frequencies. 

The transmission loss is reduced in the low frequency range as the cone angle increases. However, 
an enhancement in the amplitude of the transmission loss is observed in the middle and high frequency 
bands with a rise in the vertex angle of conical shell. 

Increasing of the shell thickness results in better noise insulation performance in almost the entire 
frequency spectrum. 

It is found that the transmitted sound power increases at middle frequencies when the incidence 
angle decreases, which is opposite to low and high frequencies.  

Also, the comparison of the transmission loss results of the conical shell with different types of 
materials including brass, steel and aluminum represents superior sound insulation ability for steel at 
low and middle frequencies, whereas brass has better performance in the high frequency range.  

The proposed model can be considered as an effective tool in the acoustic design of the truncated 
conical shells. 

APPENDIX 
The partial differential operators given in equations 1 to 3 are: 

 

 (A1) 
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 (A2) 

 

 

 (A3) 

where  and  are the membrane stiffness and the bending 
stiffness of the truncated conical shell, respectively, in which E is the Young’s modulus and μ is the 
Poisson’s ratio of the shell. 
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Study on the influence of kinetic parameters of propeller on 
acoustic and vibration characteristics of propulsion shafting 

Yangyang ZHANG; Jun SUO 
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ABSTRACT 
Propeller in most research on the vibration characteristics of propulsion shafting is simplified, in order to 

study the influence of kinetic parameters of propeller itself on acoustic and vibration characteristics of 
propulsion shafting, the propulsion shafting model which contains precise three-dimensional elastic propeller 
is established, focusing on the mass effect and elastic effect of propeller on shafting longitudinal vibration 
based on analytical method and finite element method. Results show that the simplified method of propeller 
has great influence on the propulsion shafting vibration, and the influence of propeller on the acoustic and 
vibration characteristics of propulsion shafting includes not only mass effect, but also obvious elastic effect. 
From the point of view of shafting vibration control, increasing propeller mass and blade elasticity are 
beneficial to shafting vibration control. 
 
Keywords: propeller, mass effect , elastic effect, longitudinal vibration 

1. INTRODUCTION 
At present, most ships are propelled by propellers. The research results at home and abroad show 

that[1-3], the longitudinal vibration of propulsion shafting is an important factor affecting hull 
vibration and noise. In order to study the effect of longitudinal vibration of propulsion shafting on 
hull vibration and noise, many geometric models of shafting have been established [4-6], including 
lumped mass model and distributed mass model. Because of the complexity of propeller geometry, 
the lumped mass point or uniform mass disk are used to simulate propeller geometry[4,5]. Neither of 
the two modeling methods takes the effect of propeller elasticity on the longitudinal vibration of 
propulsion shafting into account, which is obviously different from the actual situation.  

In order to make the research results of longitudinal vibration of propulsion shafting closer to the 
actual situation, a propulsion shafting model considering the elasticity of propeller blades is 
established. The longitudinal vibration characteristics of propulsion shafting considering the 
elasticity of propeller blades are studied by using transfer matrix method and finite element method, 
respectively. Then the influence of the simplified method of propeller on longitudinal vibration of 
shafting is simulated and analyzed and the influence of propeller mass and blade elasticity is further 
analyzed. 

2. Transfer Matrix Method for Longitudinal Vibration of Shafting 

2.1 Transfer Matrix Theory of Beams 
The one-dimensional beam structure is divided into n elements. The number of  elements is 

increased from 1 to n, and the number of nodes between elements is increased from 0 to n. Each node 
corresponds to the point transfer matrix, and correspondingly, beam elements from 1 to n correspond 
to the field transfer matrix, as shown in Figure 1. 
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Figure.1 Element division of the beam structure 
For the beam element i , the state vector of the left end section is defined as L

iz , the state vector of 
the right end section is defined as R

iz . For the whole beam structure, the state vector of the left end section 
is defined as 0z , the state vector of the right end section is defined as nz .  

The relationship between the state vector nz  and the state vector 0z  shown in Fig. 1 is obtained by 
substitution from left to right.  

1 1 1 0 0 0 0n n n n i iz PT P PT PTPT z Tz1 1 0 0PT PTPT z1 1 0 01 1 0 0PT PTPT zPT PTPT z                               1  

in which 

1 1 1 0n n n i iT PT P PT PTP1 1 0PT PTP1 1 01 1                                 2  

T is the field transfer matrix between the state vectors at both ends of the beam structure. It is 
obtained by multiplying the point transfer matrix at each node and the field transfer matrix of each beam 
element in turn. 

2.2 Transfer Matrix Method for Longitudinal Vibration of Shafting Considering the 
Elasticity of Propeller Blades 

The state vector of the longitudinal vibration of the shafting is defined as [ ]TZ u N , in which the 

displacement and the stress of the cross section are defined as u  and N . According to the deduction of 
the author's previous paper [6], the point transfer matrix of the centralized mass points is 

                                   
2

1 0
1

P
m                                  

3  

The point transfer matrix of a massless linear spring is 

                                    
11

0 1
P K

                                    

 

4  

For the convenience of calculation, the thrust shaft is simplified to a uniform section without 

considering the change of section area. The field transfer matrix of its longitudinal vibration is as follows. 

                                

sin( )cos( )

sin( ) cos( )

ll
EAT

EA l l                               

5

 The propeller is composed of hub and blade. The blade has certain elasticity. The influence of 

propeller on the vibration characteristics of propeller-shaft coupling system is not only reflected in the mass 

effect of propeller, but also should include the elastic effect of propeller blade. Therefore, the action 

diagram of propeller on the shafting system is shown in Figure 2. 
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Figure.2 The mechanical model of shafting longitudinal vibration considering the blade elasticity 

Among them, ym and 
yk is the equivalent mass and stiffness of the blades; gm is the mass of 

propeller without the equivalent mass of the blades, ym and gm is regarded as mass point.E A  

and L are elastic modulus, material density, cross-section area and total length of the uniform shaft; 1k

2k 3k  and 4k are lateral support stiffness of rear stern bearing, middle stern bearing, front stern bearing 

and thrust bearing. tk is the longitudinal support stiffness of thrust bearing.  

Thus, the total transfer matrix of shafting longitudinal vibration considering blade elasticity can be 

expressed as  
                                    3 1 2 1 0T PTPPP                                  

6  

The left end of the propeller is free, and the cross-section stress is exciting force of the propeller. 

                                       1N f                                   

7  

The right end of the shaft is rigidly fixed and its longitudinal displacement is zero. 

                                  5 0u                                    

8  

When the longitudinal excitation force f is applied to the propeller end, the relationship between the 

state vector of the right end and the left end of the propulsion shafting is as follows. 

                           5 1

T Tu N T u N                                  

9  

Obviously, T is a 4 4 square matrix, so formula (9) can be expressed as 

                               11 12

21 225 1

T Tu u
T TN N

                                

10  

Substituting formula (7) and (8) into formula (10) can obtain 
                               11 1 12 0T u T f                                   

11  

Order 0f , the modal frequency of the shafting longitudinal vibration can be obtained by solving 
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equation (11). 

Solve equation (11), we can obtain the left-most state vector of the shafting. 

                                    
12

1
11

1

Tu f
T

N f

                                  

12  

The longitudinal vibration response of shafting at any section can be obtained by substituting formula 

(12) into formula (10) and selecting corresponding transfer matrix according to different response 

positions.  

In order to verify the correctness of the above theoretical analysis, the vibration acceleration level at 

the thrust bearing of the shafting is solved by using MATLAB programming, and the corresponding finite 

element model is established in Abaqus for simulation analysis. The finite element model is shown in 

Figure.3, and the specific parameters of the propulsion shafting are shown in table.1. 

 
Figure.3 The finite element model of shafting 

Table.1 Parameters of shafting 

parameters unit value parameters unit value 

shaft length L m  14.92 

bearing 

stiffness 

yk  
1k  
2k  
3k  
4k  
tk  

/N m  
/N m  
/N m  
/N m  
/N m  
/N m  

1.28e8 

3.5e7 

2.0e7 

2.0e7 

1.0e8 

1.8e9 

shaft outer radius R  m  0.135 

shaft inner radius r  m  0.06 

equivalent mass of 

propeller blade 
ym  kg  2626 

equivalent mass of 

propeller hub 
gm  kg  1314 

Young modulus E  Pa  2.1e11 

density  3/kg m  7800 
Poisson 

ratio 
  0.3 

The above transfer matrix method and finite element method are used to calculate the vibration 

acceleration of the propulsion shafting at the thrust bearing, respectively. The results are shown in Figure. 4. 

It can be seen from the figure that the calculation results of transfer matrix method and finite element 

method are basically the same, which shows the accuracy of finite element method in calculating the 

influence of propeller on shafting vibration. The vibration acceleration spectrum at thrust bearing have two 

peaks at the first longitudinal vibration frequency (63.56 Hz) of the shaft and the first longitudinal vibration 

frequency (30.57 Hz) of the blade, which indicates that the elasticity of propeller blade has great influence 

on shafting vibration. 
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Figure.4 The results contrast of analytical method and finite element method 

3. Influence of Propeller on Longitudinal Vibration of Shafting System 

3.1 Influence of Propeller Simplification on Longitudinal Vibration of Shafting System 
In the related research of shafting vibration, because of the complexity of the actual shafting structure, 

most models simplify the propeller by using lumped mass points or homogeneous disks of equal mass 

instead. Because of the different simplification methods, the results are also different. The finite element 

model of the propulsion shafting with an accurate three-dimensional elastic propeller is shown in Figure. 5. 

The effect of propeller modeling on the longitudinal vibration modes of shafting is shown in Table.2. 

Figure.5 Finite element model of propulsion shafting 

Table.2 The longitudinal vibration modal frequency of shafting 

modal order no propeller lumped mass homogeneous disk elastic propeller 

1 55.38 Hz 41.09Hz 39.68Hz 41.02Hz

2 106.08 Hz 94.04Hz 89.44Hz 99.50 Hz

It can be seen from the table that after installing propeller, the first and second order longitudinal 

vibration modal frequencies of the shafting system decrease, and the longitudinal vibration modal 

frequencies of the shafting system are different under the three modeling modes of the propeller. The first 

order frequency of lumped mass model is closer to the elastic propeller model, and the shafting longitudinal 

modal frequencies are lower than those of the other two simplified modes. 

 
Figure.6 Longitudinal vibration transfer function of shafting under different simplified methods of propeller 
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The frequency spectrum of longitudinal vibration acceleration transfer function of shafting under 

different propeller simplified modes is shown in Figure. 6. It should be pointed out that, because the shaft 

itself has less contact with water and the effect of the attached ripple water on the shaft is small, the effect 

of the attached ripple water on the propeller is mainly considered, so the effect of the attached ripple water 

is not considered when the centralized mass and homogeneous disk simplification are adopted. 

Compared with the pure shafting without propeller, the peak value of the longitudinal vibration transfer 

function of the shafting moves to the low frequency when the simplified method of lumped mass points and 

equal mass homogeneous disk is adopted, and the mass effect of the propeller has a greater impact on the 

longitudinal vibration of the shafting; when the precise three-dimensional elastic propeller is used, there are 

two peaks in the longitudinal vibration transfer function. The first peak corresponds to the first-order 

longitudinal vibration of the shaft and the second peak corresponds to the first-order bending vibration of 

the propeller blade in the same direction. It can be seen that the influence of actual propeller on the shafting 

vibration not only include mass, but also include the elasticity of the propeller blade. The mass effect and 

blade elasticity effect must be taken into account simultaneously in research of the influence of propeller on 

shafting vibration. 

3.2 Influence of Propeller Mass on Longitudinal Vibration of Shafting 
In order to study the influence of propeller mass on the longitudinal vibration of shafting independently, 

only the propeller material density is changed. For the exact three-dimensional elastic propeller-shaft 

system, the vibration acceleration and sound radiation transfer functions of shafting at the thrust bearing 

position under unit longitudinal excitation of propeller and different propeller mass are shown in Figure. 7. 

 

(a) acceleration transfer function        (b) acoustic radiation transfer function  

Figure.7 Influence of propeller mass on acceleration and acoustic radiation transfer function of shafting 

In Figure 7, the first peak corresponds to the first-order longitudinal vibration of the shaft and the 

second peak corresponds to the first-order bending vibration of the blade in the same direction. It can be 

seen from the figure that with the increase of propeller mass, the peak value frequency of the transfer 

function of the shafting at the first-order longitudinal vibration of the shaft and the first-order bending 

vibration of the propeller blade in the same direction moves to the low frequency, and the amplitude 

decreases. The influence of propeller mass on the peak value of the first-order bending vibration of the 

propeller blade in the same direction is greater, and the maximum difference of the sound radiation transfer 

function at the second peak is 5.82 dB. It can be seen that without changing the elasticity of propeller blade, 
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properly increasing the mass of propeller is beneficial to reduce the vibration and sound radiation of 

shafting. 

3.3 Influence of Propeller Blade Elasticity on Shafting Longitudinal Vibration 
In order to study the influence of propeller blade elasticity on the longitudinal vibration of shafting 

independently, only the elastic modulus of propeller material is changed. For an exact three-dimensional 

elastic propeller-shaft system, the vibration acceleration and sound radiation transfer functions of the 

shafting at the thrust bearing position under the unit longitudinal excitation of propeller and different 

propeller blade elasticity are shown in Figure. 8. 

 
(a) acceleration transfer function        (b) acoustic radiation transfer function  

Figure.8 Influence of blade elasticity on acceleration and acoustic radiation transfer function of shafting 

It can be seen from the figure that with the increase of propeller blade elasticity (the elastic modulus E
of the propeller material decreases), the peak value frequency of the transfer function of shafting at the 

first-order longitudinal vibration of the shaft and the first-order bending vibration of the propeller blade in 

the same direction moves to the low frequency, and the amplitude decreases. The elasticity of the propeller 

blade has little effect on the peak value and frequency shift of the first order longitudinal vibration of the 

shaft. The elasticity of the propeller blade mainly affects the peak value of the first bending vibration 

frequency of the blade in the same direction. The maximum difference of the amplitude of the sound 

radiation transfer function at the second peak value is 9.12 dB. It can be seen that the longitudinal vibration 

of shafting can be effectively reduced by increasing propeller blade elasticity without changing propeller 

mass. 

4. Conclusions 
In this paper, the influence of propeller dynamic characteristics on acoustic and vibration characteristics 

of shafting is studied, and the following conclusions are drawn:  

 (1) The influence of propeller on shafting vibration is not only reflected in its mass effect, but also in 

its elastic effect. The blade elasticity is evidently reflected in the longitudinal vibration of shafting. It is 

inaccurate to simplify the propeller into a lumped mass or homogeneous disk in the study of shafting 

longitudinal vibration. The influence of the blade elasticity must be considered.  

 (2) From the point of view of shafting vibration control, increasing propeller mass and blade elasticity 

are beneficial to shafting vibration control.  
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ABSTRACT 
Ultrasonic Metal welding (USMW) is particularly suitable for connecting electrotechnical 

components. Despite industrial spread, unexplainable process fluctuations may occur in USMW. This 
largely originates from the lack of profound scientific knowledge and understanding of the 
interdependency between tools and joining members. The aim of this research is to derive 
characteristic features, which correlate with the mechanisms during bond formation and joint 
properties, to achieve a more profound understanding, and in the future to open up new possibilities 
for online process control monitoring. In this study, copper sheets (CW008A) were ultrasonically 
welded at 20 kHz to study their effects on the thermo-mechanical mechanism during welding. Two 
laser vibrometers recorded the tool vibrations of the anvil and horn, directly connected to the sheets,  
and a ¼’ microphone recorded the airborne sound. Additional T-peel tensile testing and laser scanning 
microscopy of the fractured surface at different welding stages are used for validation.  The results of 
this paper provide a more profound understanding of the thermo-mechanical mechanism during 
USMW and will introduce a prospective improvement in quality and process stability.  

 
Keywords: vibroacoustics, ultrasonic metal welding, bond formation 

1. INTRODUCTION 
Ultrasonic metal welding (USMW) is a solid state welding process that uses high frequency 

oscillations and a static clamping force. It is widely used in various industry applications such as 
joining in electric motors, strand welding in harness production or in the assembly and connection of 
battery cells (1). Since bonding is formed in solid state, common geometric and metallurgical 
problems encountered in fusion welding of aluminum and copper, such as gas porosity, intermetallics 
and embrittlement (2) are avoided. Further reasons for the industrial widespread of USMW are its low 
energy consumption, the short welding times and its good automation capacity. Although there is 
extensive research on the bond formation in USMW, there is still a lack of profound understanding of 
the thermo-mechanical mechanism during welding, which is essential for weld optimization. 

In USMW, various binding mechanisms have been proposed such as mechanical interlocking, 
melting, adhesion, recrystallization and even diffusion (1, 3, 4) whereby in the last studies (4, 5) 
mainly dynamic recrystallization (DRX) is regarded as the primary binding mechanism.  The bond 
formation is described by different process stage models. There is agreement that periodic shear 
deformations at the interfaces are significantly responsible for the bond formation in USMW (5). The 
temperature increase with increasing welding time is caused by friction and deformation (5). The 
friction conditions and the development of plastic deformations are strongly influenced by welding 
parameters (7, 8). Thus, friction work increases with increasing oscillation amplitude and is in non -
linear relation to the welding pressure (6, 7, 9). According to (5, 6, 10), friction energy dominates the 
initial welding process and is mainly responsible for the breaking of oxides and surface cleaning. As 
welding time increases, the temperature of the joining members rises and  results in material softening 
(5, 6). This leads to a larger plastic deformation and favors the bond formation. Theoret ical and 
experimental analyses (6, 11) have shown that a thermal-stationary stage is established at the end of 
welding in which no further plastic deformation occurs and the maximum bonding area is achieved.  

                                                        
1 elie.abiraad@akustik.rwth-aachen.de 

4700



There are different theories regarding the description of an ideal end of process. Some researchers (4, 
6) describe a stagnation of the joint strength, whereby others (8, 11) observe a decrease in the joint 
strength exceeding a critical welding time or welding energy. This decrease in strength is  explained 
by material fatigue (8, 11). Other studies (9) observe a slip between the horn and the upper joining 
member during over-welding, whereby tool sticking reduces the final joint strength. Other authors (3, 
5) describe over-welding as a breakage of previously bonded regions by further oscillating excitation. 

In-situ measurement during USMW as a highly dynamic process is still challenging. Therefore, 
most of USMW research results are based on post-weld characterizations. As a result, there are barely 
any direct observations about bond formation, which are essential for a fundamental understanding. 

Laser Doppler Vibrometer (LDV) measurement of single spot (12) or multiple spots (5) was used 
to determine the oscillations during USMW. Lu et al. (5) used a Photonic Doppler Velocimetry (PVD) 
system to study the relative motion between the horn, aluminum foils and anvil. It was shown that the 
welding process consists of four different welding stages: The first two stages - slip [1] and slip-stick 
[2] - are characterized by a large relative motion between both foils [1] and between horn and upper 
foil [2] which are essential to disperse oxides and contaminations as well as to increase fr ictional heat. 
The stick stage [3] is mentioned as the key stage where bond development and DRX increase with 
welding time. The maximum strength is obtained when horn and foils oscillate with similar velocity. 
Over-welding [4] is characterized by a quick drop in bottom and top foil velocities which can be 
caused by tool sticking or breakage of previously bonded regions. 

The above-mentioned studies have shown initial results on relative motions of the tools and the 
joining members during USMW. However, there is still a lack of characteristic variables from sensor 
signals, which correlate with the mechanism during bond formation and introduce the prospective to 
apply monitoring criteria for USMW.  

In this paper, acoustic emissions and characteristic vibrations of the horn and anvil produced during 
welding are measured to study their relationship to bond formation in ultrasonic welding and to joint 
quality. Acoustic emissions have already proved useful for tool condition monitoring and online 
process control (13, 14). This is possible because friction produces acoustic emissions characteristic 
of the condition of the surfaces in friction (15, 16, 17). As for the vibrations, they should take into 
account mode coupling, in which different tools with different modal behaviors affect each other’s 
vibrational patterns (15). In our case, this means that each of the horn and anvil, when coupled during 
the welding process, will behave differently than they would if they were vibrating alone.  

2. EXPERIMENTAL SETUP 
2.1 Metrological test setup for acoustic emission and vibration monitoring 

 

 
Figure 1 – (a) Schematic illustration of measurement setup and (b) zoomed-in view showing the 

measuring positions on horn and anvil during copper sheet welding 
 

In this study two Compact Laser Vibrometer “CLV-2534” from Polytec and a ¼’ GRAS microphone 
were used to record the vibrations of the horn and the anvil along the welding direction and the 
airborne emissions during welding. Data from all three of those sensors was synchronously recorded 
at a sampling rate of 250 kHz. The microphone was placed 50 cm away from the joining area and 
directed towards it. Both LDV use a 633 nm wavelength helium-neon-source. The locations of the 
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laser spots are illustrated in Figure 1. Despite the small spot size (~ 110 μm), measurement errors due 
to process emissions, such as metal particles and dust, increasingly dominated at the measurement 
position 2, close to the weld zone. Therefore, the majority of the experimental measurements were 
carried out in the middle of the horn (position 1). 

In order to estimate the temperature development during bond formation, two K-type 
thermocouples (Ø 0.51 mm) were ultrasonically welded at the top of the upper specimen at 10 mm 
(TC 2) and 17 mm distance (TC 3) from the horn. A third K-type thermocouple (Ø 0.13 mm) was 
placed between the two sheets in the middle of the welding zone (TC 1), as shown on Figure 2. The 
temperature measurements were carried out three times for over-welding and in addition to the main 
experiments. 

2.2 Ultrasonic welding setup 
For the investigation, similar lap welds made of copper (CW-008A, R240) sheets with 0.8 mm 

thickness were prepared by USMW. The dimensions of the samples were 45  mm x 125 mm. The 
rolling direction (RD) of the sheets was in the oscillation direction (OD) as shown in Figure 2. A 
Schunk Sonosytems LS-C longitudinal welding system with a 20 kHz operating frequency and a 
maximum power of 4 kW was used for welding. The maximum vibration amplitude under no-load 
conditions was 28 μm. The dimension of the horn surface was 8 mm x 8 mm knurled with 0.8 mm 
base side, 0.3 mm height and 90° apex angle. In order to reduce inconsistency in weld quality, energy-
controlled mode was mainly used in the present study. The welding parameter were set based on 
preliminary experimental tests. The maximum joint strength can be achieved with a clamping force 
of 2250 N (pcylinder = 4.5 bar), an oscillation amplitude of 26 μm ( 100%) and a weld energy of 
1800 Ws (~870 ms). In order to be able to analyze the effects of over-welding as well, the welding 
tests were carried out with an increased weld energy of 2100 Ws (~1030 ms). In addition, the welding 
process was interrupted every 50 ms for sampling to evaluate the bond formation. 

 
Figure 2 – Geometric specifications of weld specimen 

2.3 Evaluation of the bond 
 
T-peel tensile testing based on DIN EN 14270 as shown in Figure 2 was performed to evaluate 

weld quality and to observe the fractured surface. After welding, the sheets were bent by 90° in two 
directions to allow the specimen to be clamped. A load was then applied to peel the weld sample with 
a displacement rate of 10 mm/min. The maximum T-peel load from the load-displacement curve and 
the failure mode was recorded. For each investigated weld time, 3 replicates were evaluated.   

In order to analyze the welded area (microwelds) with increasing welding time, the fracture 
surfaces of the peeled samples were measured with a laser confocal microscope “VK -X100” 
(Keyence) at 10x magnification. Furthermore the microscope was used to determine the penetration 
depth of the horn (5x magnification) at different welding times. 

3. EXPERIMENTAL RESULTS 
3.1 Joint strength and weld formation 

As the maximum peel forces are good indicators for bond formation, they are plotted as a function 
of welding time in Figure 3. First, the joint strength increases with weld time and interfacial failure 
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(“cold weld”) is observed for welding times lower than about 0.5  s. Within this welding time range, 
the fracture surface (see Figure 4) changes from a few scratch marks within the first 150 ms to 
extensive plastically deformed and bonded areas with increasing weld time. At welding times between 
0.5 ms to 0.7 ms the fracture mode changes and interfacial separation with scattered tear inside the 
welding zone can be observed. At the same time the joint strength stagnates in this time range. With 
increasing welding time up to 0.9 ms the breaking forces but also the variance rise by reaching the 
highest bonding area. With further welding time the joint strength decrease (“over-weld”). Here a 
nugget pull-out fracture can be observed due to thinning and breakage of welding spec imens by 
excessive plastic deformation. 

 

 
Figure 3 – Maximum peel load as a function of welding time 

 
Figure 4 – Fracture surfaces measured with laser confocal microscope for different welding times 
 
Figure 5 (a) shows an exemplary temperature curve during a typical over-welding process at 

different thermocouple positions. The temperatures within the welding zone (TC 1) rise very strongly 
at the beginning of the welding process until the temperature rise slows down at ~0.2 s. At 0.6 s a 
further temperature rise is visible, which causes the joining temperature to rise to the maximum of 
500°C by the end of the welding process. The other measuring positions on the upper sheet show a 
similar curve, but reach maximum temperatures of 280°C (TC 2) and 230°C (TC 3) respectively. 

The penetration depth of the horn during over-welding can be determine by the vertical 
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displacement of the horn given by the welding system as well as by measuring the horn imprints on 
the surface of the upper sheet after different welding times. For comparison, the determined 
penetration depth curves from the two methods can be seen in Figure 5 (b). Both curves show a similar 
trend: in the initial stage of the welding process (< 0.15 s) there is a large material compaction, 
between 0.15 s - 0.6 s the compaction rate slows down and increases again at 0.6 s. 

 

 
Figure 5 – (a) Temperature development and (b) penetration depth of the horn during over-

welding 

3.2 Vibroacoustic results 
The following figures describe the behavior of the horn and anvil, as well as the sound received 

by the microphone, during both a free run and during a typical welding. A free run is defined as having 
the horn vibrating alone, without any connection to the anvil or to metal sheets. The laser vibrometers 
were found to be sensitive to vibrations from the environment such as passing cars and other machines 
operating nearby. The data was therefore filtered using a high-pass filter with a 1 kHz cutoff frequency. 
In addition, since the vibrometers measure the velocity of vibration of a surface, the data was then 
integrated once to get the vibrations of the horn and anvil surfaces in time. 
 

Figure 6 shows spectrograms of the acoustic emissions recorded by the microphone and the 
vibrations of the horn during a free run. As can be seen, the airborne sound and the horn vibrations 
contain more than one frequency. For the microphone, the pressure is concentrated in bands centered 
around harmonics of the welding frequency, 20 kHz, as well as harmonics of 10 kHz. For the horn, 
the vibrations are centered around 20 kHz and its harmonics. The anvil vibrations are not shown since, 
during a free run, the anvil is not excited by the horn and thus does not vibrate.  

Figure 7 shows spectrograms of the airborne sound and horn during welding. Looking at the horn 
spectrogram, we can see the same frequency bands as during free run. However, the amplitude at 
20kHz is smaller and the amplitudes of the other frequency bands are larger than during free run . 

Figure 8, Figure 9 and Figure 10 show time plots of the airborne sound and the horn and anvil 
vibrations filtered in different frequency bands. Time plots were chosen instead of spectrograms to 
better show the amplitude variations of different frequency bands in time. The frequency bands were 
10 kHz wide and centered on the first four harmonics of the welding frequency.  

 

 
Figure 6– Spectrograms of (a) airborne sound and (b) horn displacement during free run 

(a) (b) 
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Figure 7– Spectrograms of (a) the airborne sound and (b) horn vibrations during welding 

 
Figure 8- Amplitude of airborne sound during (a) free run and (b) welding 

 
Figure 9- Amplitude of horn and anvil vibrations at (a) 20 kHz and (b) 40 kHz 

 
Figure 10- Amplitude of horn and anvil vibrations at (a) 60 kHz and (b) 80 kHz 

4. DISCUSSION 
The spectrograms show that the vibrations of the horn and the sound emissions during free run are 

mostly constant and distributed into multiple frequency bands. Hypothetically, different stages of 
welding would act as different boundary conditions between the metal sheets, since the bond strength 
between the metal sheets would be different, leading to different frequency contents in the acoustic 
emissions in the process. However, since the free vibrations of the horn, the source of vibrations in 
the welding process, already contain many frequency bands, finding the different welding frequencies 
becomes more complicated: one must now separate the frequencies produced by the different stages 

(a) (b) 

(b) (a) 

(a) (b) 

(b) (a) 
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of welding and the input frequencies. Though the anvil and horn would couple and affect each other’s 
modal response during welding, it is not clear exactly how, and the possibility of a frequency coming 
from the horn rather than from the welding process cannot be neglected.  In addition, the vibrational 
measurements do not take into account the modal behavior of the horn and anvil at the point of 
measurement, which would explain the very low amplitudes for the horn vibrations at 40 kHz. 

Based on the findings from this study, the initial stage of the welding process (< 0.2s) is a coupling 
stage in which the welding tools and the metal sheets connect better. There is a large increase in 
vibrations in the horn and anvil at the welding frequency, with the horn vibrations increasing before 
the anvil vibrations, and with a steeper slope. This increase in vibration leads to the increase in 
temperature, due to an increase in friction work between the horn, the sheets, and the anvil. This is 
also confirmed by the low joint strengths and the observed scratch marks on the fracture surfaces. The 
rising temperatures lead to a softening of the copper, favoring the horn penetration into the material, 
thus the knurls of the horn completely plunged into the upper sheet at the end of this initial stage. This 
stage continues until approximately 0.2s, at which point the anvil and horn reach a sort of steady s tate 
of the vibrations at 20 kHz.  

The better coupling between the horn and the upper specimen causes lower overall friction work 
and thus slows the temperature rise down. Therefore the breaking forces stagnate at a first joint 
strength level (~ 260 N) as well as the penetration depth of the horn in a time range from 0.2s to 0.5s. 
For the vibrations, there is an increase of the horn vibrations at 40, 60 and 80 kHz, a decrease of anvil 
vibrations at 40 kHz, and an increase of anvil vibrations at 60 and 80 kHz. This could indicate slipping 
between the bottom sheet and the anvil at 40 kHz. 

The increasing plastic deformation within the welding time range of 0.5s to 0.7s, identifiable by 
the further penetration of the horn, leads to a further growth of the bonded area and to a second joint 
strength level (~ 400 N), in which in addition to the previously observed adhesive failure, interfacial 
separation with scattered tear may occur. In accordance with the findings from previous study (6), 
friction heat is reduced with increasing material softening, causing temperatures to stagnate slightly. 
Meanwhile, the horn vibrations and the anvil vibrations at 20 kHz do not change much. At 40, 60 and 
80 kHz, the anvil vibrations decrease, with an inflection point around 0.7s.  The decrease in anvil 
vibrations could indicate slipping somewhere between the horn and the anvil. At this stage, it is most 
likely to be slipping between the bottom sheet and the anvil.  

Significant material softening occurs after approximately 0.7s, which leads to a typical bending of 
the upper sheet around the heat affected zone. The additional deformation work is considered as a 
cause of the renewed temperature rise. This comes with a decrease in the horn vibrations at 20, 40 and 
60 kHz and in the anvil vibrations at 20, 40 and 80 kHz, as well as an increase in horn vibrations at 
80 kHz and in anvil vibrations at 60 kHz. These changes can be seen as a continuation of the state of 
vibrations in the previous phase: further increase in the bonding area leads to a better coupling of the 
metal sheets, which helps in getting a better coupling of the horn and anvil, and leads to further 
decreases in the amplitude of vibrations of the anvil and horn. This is different from the initial stage, 
when better coupling meant higher vibration amplitudes of the anvil. In the beginning, a better 
coupling leads to better excitation of the anvil, but for a very strong coupling, the horn would carry 
so much of the mass of the anvil that the vibrations of the horn would decrease in amplitude. 

At a welding time of 0.9s the largest bonding areas are reached, and the maximum breaking forces 
(~ 600 N) can be observed. There is also an inflection point in the plots of the vibrations of the horn 
and anvil in all frequencies. 

If welding time exceeds approximately 0.9 s the specimens are thermally and mechanically 
overstrained (“over-weld”). Temperatures and penetration depth of the horn reach their highest levels 
resulting in nugget pull-out failure and a reduction in joint strength due to excessive plastic 
deformation of the upper sheet. This is accompanied by noticeable changes in the vibrations of the 
anvil, with a strong increase at 60 and 80 kHz and a slowing down of the decrease at 40 kHz.  This 
indicates an increase of the vibrations received by the anvil at those frequencies. This could be due to 
the fatigue failure of microwelds in the overwelding stage, which would release high -frequency 
vibrations into the anvil. 

The sound pressure was not used much in this discussion, as its inflection points do not correlate 
with the results from the other sensors. This could be due to the presence of at least one other sound 
source in the room other than the vibrations of the horn, anvil, and copper sheets. Further research is 
required before using the airborne sound.  
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5. CONCLUSIONS 
During ultrasonic metal welding, the interaction between the anvil and the horn is complex, and 

greatly depends on the transfer of vibration from the horn, to the top sheet, to the bottom sheet, and 
finally to the anvil. These connections depend on the type of frictional coupling between each element, 
as well as the state of the weld between the two sheets. In this paper, we have tried to find features to 
describe the different stages of the welding process by looking at data recorded by various sensors 
during welding and by post-weld testing. Correlations between the temperature, the vibrations of the 
tools, the penetration depth, the bond strength and the bond area could be found at different points in 
time, and were linked to the different stages of welding. However, some elements of vibrational 
behavior and the airborne sound could not be properly explained yet. 
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ABSTRACT 
In product development such as electro-mobility engineers have to place special emphasis on Noise Vibration 
Harshness (NVH). A very large number of automotive interior components consist of injection moulded 
thermoplastic parts. If required, these lightweight components are reinforced with fibres or fillings. This 
reinforcement leads to a higher vibration sensitivity and higher natural frequencies. In order to influence the 
acoustic behaviour in early development stages, the structure-borne sound - including its source and 
propagation paths - has to be analysed. A suitable tool to visualise these elements is the structural intensity. 
In addition, the anisotropic material behaviour of reinforced thermoplastics offers the possibility to conduct 
the structure-borne sound. In this paper a method is presented to examine the influence of fibres, fillings and 
geometric modifications on the structural intensity. Based on an integrative simulation method (coupling of 
process and structural simulation) an anisotropic, realistic material model will be generated. 
Keywords: Structural intensity, reinforced thermoplastics, Simulation 

1. INTRODUCTION 
In the development of new products, a huge number of requirements has to be met. NVH has an 

important role in this topic, because interferences give the impression that a particular product has a 
substandard built quality. Therefore it is of special interest to predict the acoustic behaviour in early 
stages of the product development. A goal should be to reduce the causal structure-borne sound instead 
of the radiated airborne sound. Currently technology is not available to carry out such optimisation.  

Automotive interior parts mostly consist of injection moulded thermoplastic parts which are 
reinforced by fibres or fillings. Through an internal or external excitation the components begin to 
vibrate and transmit these motions as structural sound. Finally the structural sound is e mitted from 
the surfaces as airborne sound into the vehicle interior. 

An important tool for the acoustic part design of automotive interior products is the structural 
intensity. Its calculation visualises the source as well as the propagation paths of the structure-borne 
sound. For a frequency-dependent analysis “f” the structural intensity “STI” is calculated as the 
product of the stress tensor “σ” and the complex conjugated velocity vector “v” using the following 
formula of Grote and Felhusen [1]: 

fvffSTI 5.0  (1) 
The structural intensity can be split into an active (real part) and a reactive (imaginary part) part. 

Only the active part describes the amount of energy which moves through the structure  [1]. The 
reactive part indicates the amount of energy which oscillates in the structure. In the following only 
the active part will be considered because of its greater interest.  

 

2. INTEGRATIVE SIMULATION METHOD 
The calculation of the structural intensity for reinforced thermoplastics takes the anisotropy from 

the fibre orientation as well as the viscoelastic material behaviour by the use of an integrative 
simulation method into account [2]. Here a process simulation will be done and the calculated fibre 
orientation will be assigned to a structural simulation.  By taking the material data of the matrix and 
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the filler as well as the fibre orientation into account a new material for each finite element of the 
structural simulation will be generated. Based on the simulation results the structural intensity will be 
calculated automatically using Python scripts and will be displayed in the postprocessing. The Python 
scripts are necessary because stress and velocity are calculated at different positions of the finite 
element. This leads to different numbers of stress and velocity results and therefore selected datas 
have to be averaged to get the same number of results for velocity and stress.  The following figure 
illustrates the integrative simulation method. 

 

Figure 1 – Procedure integrative simulation method 

3. VALIDATION OF THE SIMULATION RESULTS WITH A LINEAR ELASTIC, 
ISOTROPIC MATERIAL 

 
To verify the simulation results an analytical model of the Kirchhoff plate is used [3]. Additionally 

a structural simulation was also performed. For this first test no integrative simulation method was 
used. 

For the FE-model the mesh was built of linear hexahedral elements. The centroid was chosen as 
the position for the calculation. The material data is derived from steel with a density of 7.850 g/cm³, 
elastic modulus of 204.05 GPa and a Poisson’s ratio of 0.28.  

The plate is flexibly supported all around and an excitation of a harmonic force of 1N acting on a 
single point is applied in direction of the plate thickness [4]. Figure 2 includes the dimensions of the 
plate, the position of the harmonic force as well as the main orientation directions of the fibres from 
the process simulation.  

 

Figure 2 – Dimensions of the plate, position of the force and main fibre orientations 
At the fifth natural frequency a comparison between the analytical model and the FE analysis was 

carried out. The desired natural frequency was 6,427 Hz in the FE analysis and 6,957 Hz in the 
analytical model. Thus the discernible difference is less than 10 percent. Regarding the structural 
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intensity, quantitative differences could be recognized but the propagation paths of the structure-borne 
sound from the FE analysis and the analytical model match (see figure 3).  

 
Figure 3 – Propagation paths of steel plate 

In the next step the FE analysis was performed with plates made of thermoplastics. For this model 
the boundary conditions described in the previous section were used. The analysis is meant to show 
if the generated materials for the FE elements are suitable for an anisotropic structural intensity 
analysis. The selected materials are an unfilled polypropylene copolymer (PP-C) and a polypropylene 
copolymer filled with 40 percent glass fibres by weight (PP-C GF40). The orientation of the fibres 
was calculated through a process simulation. 

As in the previous analysis for the steel plate the fifth natural frequency was analysed. The PP-C 
has a natural frequency of 1,547 Hz. Regarding the plate made of PP-C GF40 one has to distinguish 
in which direction the fibres are orientated. With a longitudinal direction the natural frequency is 
2,211 Hz. A transverse direction leads to a natural frequency of 2,388 Hz.  

The propagation paths of the structural intensity proceed diagonally for the unfilled polypropylene 
copolymer plate. The plates consisting of PP-C GF40 show different propagation paths according to 
the fiber orientations. This leads to a clearer difference between the filled and the unfilled PP -C for 
the transverse direction (see figure 4). 

 
Figure 4 – Propagation paths of thermoplastic plates (PP-C, PP-C GF40 longitudinal orientation, PP-C 

GF40 transverse orientation) 

4. SUMMARY AND NEXT STEPS 
 
The results described in the previous sections clarify that the integrative simulation method is an 

appropriate technique to determine the structural intensity of reinforced, injection moulded 
thermoplastic parts. For accurate estimations of the propagation paths information about the fibre 
orientation are necessary. Methods of obtaining this information are calculations (process simulation) 
or measurements (CT-Analysis). Investigations at other institutes on the structural intensity were done 
primarily for linear elastic, isotropic materials. First contemplations on unidirectional fibre composite 
materials revealed promising opportunities to influence the structure-borne sound of anisotropic 
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materials with the help of the structural intensity [5]. In the near future these opportunities should be 
examined in detail (see figure 5).  

 
Figure 5 – Overview research project 

The acoustic behaviour of reinforced thermoplastics should be improved by directing the structure-
borne energy into uncritical or high damping areas using the fibre orientation. Therefore analyses on 
the importance of different fibres, lengths and filling fractions on the propagations paths of the 
structural intensity will be executed. In addition the influence of geometric changes of the parts will 
be examined as well. Based on the results, product developers will have the possibility to adjust the 
desired mechanical properties and acoustic behaviour. This leads to a better lightweight potential, a 
more efficient material usage and a sustainable use of resources.  
The calculations will be carried out for simple plate geometries as well as a complex geometry used 
in the interior of a car. In order to prove the propagation paths and the efficiency on the acoustic 
behaviour measurements will be undertaken.  

An objective of the research project is to develop a database which contains a guide to improve 
the acoustic behaviour with constructive changes and a database with the data of the examined 
materials and with the ability to input criteria by which to select a material which is suitable for the 
requirements of a certain product. 
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Abstract
A number of big intermittent aftershocks often follows a great earthquake. Even if a certain building escapes
from the collapse due to the first main quake, there is no guarantee that the building can survive from the
aftershocks. If it is possible to monitor the condition of the buildings constantly using some faint random
vibration caused by background vibration such as wind, weak earthquakes and traffic vibration, the safety will be
more secured. The authors have proposed cumulative harmonic analysis that emphasizes the hidden resonances
in a time-invariant transfer function, and conducted the experimental monitoring of the resonant frequency in
an actual building from the analysis of the faint random vibration on the building caused by the background
vibration. From the results of comparison with the measured values of the resonant frequency by an active
diagnosis it is confirmed that the estimation of the resonant frequency by the proposed method obtains an
accurate value only including few percent error. This report describes about the results of field tests on various
buildings using the proposed method.
Keywords: Structural Health Monitoring, Cumulative Harmonic Analysis, Microtremor Measurement,
Resonant Frequency, Signal Processing

1 INTRODUCTION

Figure 1. Structural Triage Information Sharing Net-
work.

In recent years, the earthquake resistance standards
are defined in Japan so that any buildings do not
cause their collapse to harm to human life at the
intensity 7 on the Japanese scale[1]. However, the
buildings deteriorate by being exposed to the natural
environment for a long period of time. Before hav-
ing a fatal damage caused by natural disasters such
as earthquake, it is necessary to find the degradation
by diagnosing the structural health of the buildings.
In addition, it is known that a number of big inter-
mittent aftershocks often follow a great earthquake.
Even if a building escapes from the collapse due to
the first main quake, there is no guarantee that the
building can survive from the aftershocks. However,
it is difficult to judge whether to evacuate from the
building to prepare for aftershocks right after the big
earthquake. If it was possible to monitor the struc-
tural health of high buildings and to build the net-
work named Structural Triage Information Sharing Network (Figure. 1) that can share the damaged situation of
buildings in a city, evacuation sites will be easier to secure. tunnels and bridges just like fire alarms continu-
ously, it would be possible to ensure the residents’ safety [2].
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As the most basic diagnostic method, there is a method of observing vibration transmitted to a distant position
by exciting a certain point using a test signal [3]. Abnormal conditions in buildings can be detected as changes
in damping ratio and resonant frequency. With such a method, it is possible to diagnose the building only when
the building is excited by the test signal. If it is possible to estimate the characteristics of the building vibration
utilizing some faint random vibration caused by environmental noise such as wind or traffic noise, the structural
health can be monitored constantly. In a field of machinery diagnostics, although several diagnostic methods
using vibration based on environmental noise have been proposed, those methods require that the characteristics
of the noise must be known since the resonance of the object may be buried by the environmental noise
spectrum [4, 5]. In the field of architectural engineering, there are researches such as the structural diagnosis
based on the microtremor measurment[6] performed in a time zone where there is little human activity in the
building or little wind or environmental noise. However, it is difficult to apply the structural diagnosis based on
the microtremor measurment in the city center where there are many environmental noises day and night.
On the other hand, the diagnostics methods utilizing unknown random vibration have been proposed without
requiring the excitation by a test signal. These techniques emphasize the resonant frequency of the building
buried in the observed noise spectrum using faint vibration due to environmental noise. In the past, a method
to monitor invisible changes in building has been proposed, which is based on the distribution of the dominant
frequency for the short-interval periods (SIP) in observed nonstationary vibration excited by unknown source
[7]. By utilizing the frequency distribution of the dominant spectrum excluding the amplitude value, SIP can
elucidate the harmonic structure of stationary transfer function buried in time variant source spectrum.
However, the efficiency of SIP is not clearly shown for resonant frequency estimation of transfer function under
the condition of stationary noise with little temporal change in the spectrum distribution of the source signal.
Therefore, the authors have proposed passive diagnostics [9] (shown in Fig.1) of buildings by using cumulative
harmonic analysis (CHA) [8]. CHA is an analysis method to emphasize the time invariant spectral peaks by
utilizing windowing function with the effect of spectrum accumulation over a period of time and was originally
proposed for howling prediction problem. In the study of howling prediction utilizing CHA, it is confirmed that
the method can detect a faint spectrum peak which may cause the howling even for stationary noise input[10].
Therefore, CHA should be applicable to passive structural diagnostics. Previous works have shown that the
change of resonant frequency and equivalent bandwidth in the buildings can be estimated through model ex-
periments [11]. Furthermore, they have attempted to estimate the resonant frequency of an actual building by
observing the random vibration [12].
本報告では．．．

2 TIME-INVARIANT POLES ESTIMATION UTILIZING CUMULATIVE HARMONIC
ANALYSIS

For the passive diagnosis proposed in this paper, it is necessary to estimate the spectrum of the time-invariant
transfer function hidden in the harmonic structures embedded in the harmonic structure of stationary noise. This
section introduces cumulative harmonic analysis (CHA)[8] which is effective to solve such a problem.
CHA is formulated by introducing a spectrum accumulation into cumulative spectral analysis (CSA) which was
proposed by Barman and Fincham [13]. As shown in Figure 2 (a), CSA is a time frequency analysis that
expresses the generation process of spectrum for each sample of input signal, and it was proposed to visualize
the generation process of the harmonic structure in the impulse response of loudspeaker. When the input signal
is defined as s(n) and the angular frequency is Ω, CSA can be expressed as

CSA(n,Ω)≡
n

∑
m=0

w(m)s(m)exp(−jΩm) (1)

using the step function w(m) = 1 (m ≤ n), w(m) = 0 (m > n).
On the other hand, CHA is an analytical method to emphasize time invariant spectrum peak by accumulating
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(a) (b)

(c) (d)

Figure 2. Schematics of the CSA (a) and CHA (b), (c), (d) for a N point input signal. The CSA (a) shows
the generating process of the spectrum according to the input signal by enumerate these spectra. The CHA
(b) accumulates these spectra obtained by the CSA. The result of CHA for n = N − 1 in (b) is equivalent to
(c) performing a single N-point DFT by applying a triangular window to the input signal. When a triangular
window that increases according to time is used, the results of the cumulative spectrum will be weighted to the
decay part of the input signal (d).
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Figure 3. An example of impulse response and the amplitude spectra computed by the DFT and the CHA. (a):
Input signal has one pair of complex conjugate poles and zeros. (b): The pole and zero are confirmed as a
spectral peak and a dip in the amplitude spectrum. (c): The CHA sharpens the steeper spectral peaks without
the spectral dips.

spectra obtained in every sample using CSA. CHA algorithm shown in Fig. 2 (b) requires, N times of the DFT
to analyze the accumulated spectrum of N points signal. However, since the DFT is a linear operation, the
analysis process shown in Fig. 2 (b) is equivalent to Fig. 2 (c). This means that only one DFT calculation is
required to obtain the accumulated spectrum of points signal. The calculation of accumulated spectrum for the
input signal s(n) can be expressed as

CHAD(n,Ω)≡
n

∑
m=0

(n−m+1)s(m)exp(−jΩm) (2)
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by the DFT of the signal s(n) that the triangular window was applied. The triangular windowing shown in
equation (2), which decreases on the time axis, can be regarded as weighting to old signals on the time axis.
On the contrary, if the triangular window (Fig. 2(d)) increases along the time axis such as

CHAU (n,Ω)≡
n

∑
m=0

(m+1)s(m)exp(−jΩm) (3)

it becomes weighting to the latter part of the signal. It is known that the increasing triangular window has the
emphasizing effect of the decaying part of the input signal. It has also been demonstrated that CHA corresponds
to the derivative of S(Ω) by the angular frequency Ω as,

n

∑
m=0

(m+1)s(m)exp(−jΩm)≃ j
dS(Ω)

dΩ
(4)

where S(Ω) is the DFT of s(n) [14].
Considering the input signal having one zero at the position of r exp(jΩz) (0 < r < 1) on the z-plane, the spec-
trum of the input signal is shown as S(Ω) = 1− r exp{−j(Ω−Ωz)}, where Ωz is the angular frequency r is the
distance from the origin. In this case, CHA power spectrum becomes as

|CHA(Ω)|2 =

∣∣∣∣d{1− r exp{−j(Ω−Ωz)}}
dΩ

∣∣∣∣2 = r2 (5)

This means that the power spectrum is no longer the function of Ω.

On the other hand, for a signal having one pole S(Ω) =
1

1− r exp
{
−j(Ω−Ωp)

} , CHA power spectrum be-

comes as

|CHA(Ω)|2 = r2{
1−2r cos(Ω−Ωp)+ r2

}2 , (6)

where Ωp denotes the angular frequency of the pole, and the distance between the origin and the pole r is
0 < r < 1. Consequently, CHA sharpens the steeper spectral peaks and removes the spectral dips.
Figure 3 shows an example of a comparison between CHA and the DFT. The input signal shown in Fig. 3 (a)
is given as the inverse Fourier transform of the transfer function S(Ω) with complex conjugate poles and zeros,

S(Ω) =

{
1− r exp−j(Ω−Ωz)

}{
1− r expj(Ω−Ωz)

}
{

1− r exp−j(Ω−Ωp)
}{

1− r expj(Ω−Ωp)
} , (7)

where r = 0.9, Ωz = π/4 and Ωp = π/3. The amplitude spectra based on the DFT and CHA are shown in Fig.
3 (b) and (c), respectively.

3 ESTIMATION ALGORITHM FOR RESONANT FREQUENCY OF BUILDING
This chapter explains the estimation method of resonant frequency of a building utilized in passive diagnosis
[11, 12]. Figure 4 shows an outline of a proposed method for estimating the resonant frequency from faint
random vibration in a building. The acceleration pickup installed in the building observes faint random vibration
excited by the environmental noise. The observed vibration is divided into frame signals by rectangular window
function. In this paper, the frame length is 5 seconds, and the frame shift length is 2.5 seconds. The time
invariant spectral peak of each frame signal is emphasized by CHA. The frequency of the spectral peak above
a fixed value is selected from CHA spectrum of each frame signal, in order to create a frequency histogram.
In this paper, the CHA spectral peaks more than 25%of the maximum value in the amplitude are selected to
create histograms in every hour. The mode of the frequency on the histogram monitored in every hour is the
estimated value of the resonant frequency in the building.
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Figure 4. Resonant frequency estimation algorithm for structural health monitoring.

4 MONITORING OF RESONANT FREQUENCY IN ACTUAL BUILDING
4.1 Experiment in reinforced concrete building and its evaluation

(a) (b)

Figure 5. Schematic of the experimental setup on the reinforced concrete building. (a): Plane view of the roof
of building, (b): Side view of the building.

A monitoring experiment of the resonant frequency over a long period of time was conducted at 8th floors
of a reinforced concrete building (Arakawa campus in Tokyo Metropolitan Industrial Technology) as shown in
Figure 5. The target building has a whole structure where three rectangular spaces are connected to the triangle
center part (See Fig. 5 (a), (b)). The monitoring experiment was conducted at the one of the rectangular spaces.
Fig. 5 (c) shows the photos of two installed acceleration pickups (PV-87, RION) and recorders (DA-21, RION).
The acceleration pickups were installed on the rooftop so that the vibration amplitude of the building was the
largest and the acceleration was observed easier. In addition, as the acceleration pickups were installed for the
long side direction (X - axis) and the short side direction (Y - axis) respectively along the rectangular structure,
the vibrations were observed towards each direction. The monitoring experiment for the resonant frequency had
been carried out for a month from September 6, 2016 to October 5, 2016.
Figure 6 shows CHA peak frequencies in every hour obtained by the passive diagnostics method shown in
Section 3. The black dots in each histogram indicate the mode, which corresponds to the estimated resonant
frequency of the building. Table 1 shows the average, the standard deviation and the relative error of estimations
in each direction. However, the estimated values deviating from the average value (larger than ±5 Hz from the
average value) in the result of Fig. 6 were excluded. These results have indicated that almost stable estimation
results were obtained throughout the experiment.
For evaluate the estimated value, it is discussed about the measurement of the resonant frequencies in the
building by active diagnostics utilizing the impact by a weight, and compared the estimated values obtained in
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Figure 6. Histogram map of the CHA major peaks in every hour for the reinforced concrete building. The
colormap indicates the frequency of the histogram. The black dots indicate the mode in each histogram, and
the frequency means the estimated resonant frequency of the building.

Table 1. Average and standard deviation of the estimation for the reinforced concrete building.

X-axis Y-axis
Average 2.00Hz 2.74Hz
Standard deviation 2.56×10−2Hz 4.45×10−2Hz
Relative error 1.28% 1.62%

the last chapter with the measured values in the active diagnostics. In this study, the active diagnostics were
performed utilizing an impactor that can excite a structure faintly by hitting with a suspended weight. A void
tube, which is filled with 20kg of sand bag as a weight, was put in the suspended green bag to prevent the
sandbag from absorbing the shock at the impact. The weight was hanged with a rope so that the length from
the fulcrum to the center of the weight becomes about 1.2m. Then, the weight was lifted to such an extent that
the angle between the pillar of structure and the rope becomes 30 degrees, and the collision was caused with
the pillar in the manner of a pendulum. For the purpose of obtaining as large moment of force as possible with
a small impact, the excitations were given at a pillar on the top floor.
Excitations were performed 12 times, and the average and standard deviation were obtained. In the experiment,
the resonant frequency of the building was measured as 2.03±0.13 Hz along the X - axis and 2.79±0.12 Hz
along the Y - axis. Assuming that the measured values by the experiment are the real resonant frequency of the
building, the relative error with the estimation value given in the previous chapter was less than 2%. Therefore,
it can be confirmed that the proposed method is effective for the monitoring of the resonant frequency for the
building.

4.2 Experiment in steel building
Furthermore, this work conducts a monitoring experiment of resonance frequency in a 5th floors of steel building
(including several reinforced concrete columns) was also conducted as shown in Figure 7. In this experiment,
two servo vibration pickups (RION, LS-10C) were installed for the long side direction (X - axis) and the
short side direction (Y - axis) respectively along the rectangular structure. The monitoring experiment had been
carried intermittently for a total of 22 days from Novenber 22, 2018 to Feebruary 21, 2018.
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Figure 7. Schematic of the experimental setup on the steel building.

Figure 8. Histogram map of the CHA major peaks in every hour for the steel building.

Figure 8 shows CHA peaks frequencies in every hour obtained by the same analysis shown in section 4.1.
Table 2 shows the average, the standard deviation and the relative error of estimation in each direction. It can
be confirmed that the estimation results are stable as in the experimental results of reinforced concrete building.
The Building Standard Low of Japan uses a formula T = (0.02+0.01α)h to obtain the approximated value of
the natural period of a building, while hm is the height of the building and α is the ratio of the height of steel
structures to the total height of the building. Although the actual resonant frequency is unknown because no
active diagnostics have been performed for this building, the approximated value of the resonant frequency for
the steel building can be obtained 1/T = 1.36Hz, where substituting h = 24.5m and α = 1.0 for the formula.
From this calculation, it is conclude that the adequate estimation result is obtained in this experiment.

Table 2. Average and standard deviation of the estimation for the steel building.
X-axis Y-axis

Average 1.23Hz 1.27Hz
Standard deviation 0.75×10−2Hz 2.96×10−2Hz
Relative error 0.61% 2.33%

5 CONCLUSIONS
In this paper, the resonant frequency of the actual building was monitored for a long period of time using
the proposed passive diagnostics method. This monitoring test was conducted for reinforced concrete building
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and steel building. As a result, although it was found that the estimated values occasionally deviated from
the estimated average, it was confirmed that the resonant frequency were stably estimated. In addition, for the
reinforced concrete building, the resonant frequencies of the building were measured by active diagnostics using
the impact by a weight, and the estimated values were evaluated with the measured values. In the experiment
of steel building, the adequacy of the result was confirmed by calculation of the natural period of a building
based on the Building Standard Low of Japan. It is concluded that the proposed method is effective for an
estimation of the resonant frequency of buildings.
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ABSTRACT 
This paper aims to investigate and determine the primary causes of noise in a diesel engine group using 
airborne acoustic measurements. The presented work is useful in defining and enhancing the equivalent 
sound level and sound pressure level (SPL) at a specific octave band. The work first describes the theoretical 
origins of sound and the benefits of the time-frequency domain for the analysis of airborne acoustic signals. 
Then, an experimental approach was established to identify the primary sources and the contribution of 
dominant sources in the total radiated noise upon examination of the measured data. Results showed that 
engine exhaust noise is the main contributor of noise, especially in the low and mid frequency ranges due to 
different harmonic exciter orders.  
 
Keywords: Acoustics, Diesel engine group, Harmonic analysis. 

1. INTRODUCTION 
Diesel engine group consists of an internal combustion engine (ICE) coupled to an alternator to 

provide electric energy (Figure 1). It is one of the most significant energy users and noise polluters that 
influence personal comfort as a result of some annoying radiated noise. Although the human range  of 
hearing frequencies is between 20 and 20,000 Hz, there is considerable variation between individuals 
especially at high frequencies. With the A-weighting function, the sound level is less sensitive to very 
low and very high frequencies. In this paper, the established measurements will be presented as dB(A) 
scale considering human hearing. Although sound and absorption materials are practically applied to 
reduce noise, these passive controls are beneficial at mid and high frequencies, but it is inefficient at 
low rates (1,2). Thus, reducing low-frequency noise presents a particular challenge as well as the 
difficulties in attenuating low-frequency noise. Previous researches emphasis on radiated noise from 
valves, piston slap, injectors and alternators in which their emitted sound concentrated at the mid and 
high-frequency ranges (3-7). The frequency ranges of the primary noise sources in diesel engine group 
depend not only on the structure properties (stiffness, mass, damping) but also on the operating spe ed 
(excitation frequencies). Analyzing of airborne acoustic signals using time-frequency domain and 
acoustic spectrum present proper tools for sound analysis because of its rich information contained 
within the acoustic waveform, although of the difficulties presented in the extraction of features. This 
difficulty is mainly due to the superposition of numerous frequency components introduced inside the 
acoustic spectrum. Several existing reviews on condition monitoring and fault diagnosis using 
vibro-acoustic signals of internal combustion engines were studied (8,9,10).  

The applied methodology in the presented work consists first of specifying the dominant frequency 
range of diesel group noise by analyzing of airborne acoustic measurements. Then, the contribution of 
the primary noise sources is identified at each octave frequency band. By recovering the spikes in the 
specified band, the diesel group noise can be reduced effectively by reducing the sound pressure level 
at identified dominant peaks. 
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This paper is organized as follows: Section 2 describes the airborne acoustic modelling of diesel 
engine group. Section 3 presents the experimental approach to determine the main contributor to the 
overall noise followed by a discussion of the results. Finally, section 4 draws the conclusions. 

 
Figure 1 – Components of a diesel engine group (11) 

2. AIRBORNE ACOUSTIC MODELING OF DIESEL ENGINE GROUP 
The generation of noise in the diesel engine group can be described as mechanical, combustion, 

aerodynamic and electromagnetic noise due to various types of excitation forces. Emitted sound can be 
classified as structure-borne, airborne or a mix thereof. In airborne transmission, the acoustic wave 
directly transferred to the receiver through an air medium. While in structure -borne transmission, the 
acoustic source shifted through different parts before being transmitted to the receiver. The significant 
sources of noise and vibration are due to mechanical and combustion forces. These forces are mainly 
due to the variable gas pressure inside the cylinder, and to the inertial force from moving parts, such as 
connecting rod, piston, rotor and crankshaft which lead to unbalanced forces. These forces occur over 
a frequency range and are transmitted to the external surface leading to structural vibrations and noise 
radiation as a result of the excitation forces as shown in Table 1.  

Table 1 – Vibration and Acoustic mechanism in a diesel engine group 

Excitation source Force applied to structure Vibration transmission Noise emitter (Fig. 2) 

Combustion excitation 
Rapid rate of change in 

cylinder pressure (pulses) 

Cylinder head, piston, 

connecting mechanisms 

Manifolds covers, 

ICE block  

Mechanical excitation 
Mechanical impact, piston 

slap, bearings, fuel pump 

Piston connections, 

cylinder walls, stator 

ICE block sump, 

timing cover 

Magnetic excitation Magnetic force, Torque ripple Stator yoke Stator surface 

 
Figure 2 – Engine components  
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Combustion noise is due to the rapid rate of cylinder pressure variation which causes the vibration 
of the engine structure. Based on the cylinder pressure spectrum and the superposition principle, the 
cylinder pressure is the sum of the individual effects of the series of harmonics with different 
frequencies and amplitudes. Mechanical noise referred to as impact-induced noise results from 
rotating components and inertial forces. Piston slap is one of the significant mechanical noise resulting 
from the impact of the piston with cylinder walls as the piston move from Top Dead Center (TDC) to 
Bottom Dead Center (BDC). Fuel pump, bearing, valves, injector needle are other sources of 
mechanical noise. Electromagnetic noise is due to the magnetic excitation in the alternator part. 
Aerodynamic noise is produced from the intake, fan and exhaust system. When inlet and exhaust 
valves close, the sound is generated in which it can be identified using the time-frequency domain of 
the air-borne signals. 

2.1 Harmonic Exciter Orders 
The torque function (M (α)) resulting from the excited tangential force (Ft) of the gas and inertia 

forces can be expanded into harmonic series in terms of the crank angle (α) as shown in Figure 3. As 
the combustion event occurs around TDC, the engine crankshaft is subjected to twist leading to a 
torsional vibration at harmonic frequencies. Controlling these harmonics is essential to minimize the 
load on bearings and other components, thus reducing induced noise. The frequencies (f ) of the 
harmonics orders (i) vary linearly to the crankshaft-rotor speed (N) as shown in equation 1. 

60
)( rpmNiHzf                                  (1) 

 
Figure 3 – Harmonic components of the tangential force (Ft) in four-stroke reciprocating piston engine 

Due to the periodic properties of the torque function M (α), it can be represented as Fourier series:  
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Where Mk represents the mean torque, An and Bn are coefficients calculated as below: 
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For a 4-stroke engine, each of the four distinct piston strokes takes 180º, thus the overall engine 
cycle is T=4ᴨ(720º).Substituting this last value into equations 3 and 4, the components of cosine and 
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sine functions will be nα/2, where i=n/2 is the nth order of the developed series representing the 
number of harmonic oscillations during a whole engine cycle. Thus, in a 4-stroke engine, half orders 
are present, for example, n=1, 2, 3, 4 leading to i=0.5, 1, 1.5, 2. 

A 3-cylinders 4-stroke engine exhibits orders 1.5 (Number of cylinder/2), 3(2×1.5), 4.5(3×1.5)...as 
major harmonic orders while 0.5, 2, 3.5… are considered as minor orders. The amplitude of vibration 
and hence induced noise of the crankshaft vary according to the harmonic order, these variables 
include the engine order, number of cylinders, crankshaft design and load. Figure 4 shows an example 
of the main and minor orders of a three-cylinder diesel engine group measured while varying the 
engine speed. The observed frequencies at each peak can be obtained by multiplying the harmonic 
order number with the fundamental frequency (N(rpm)/60).  

 
Figure 4 – Acoustic waveform of a 3-cylinder at different rotational speeds till 150 Hz 

2.2 Airborne Acoustics Signal Processing 
Fast Fourier transform (FFT) technique is practical and useful for analyzing periodical signals. 

This tool divides signal overtime into frequency components. That is, FFT of the function x(t) is the 
function x(f ) where: 

dtetxfx iwt)()(                                (5) 

 Although FFT is widely used, its limitations are in evaluating the time-dependent behavior of 
elements in frequency. Time-frequency domain such as spectrogram is well suited for non-stationary 
signals during the engine speed variation to show the time variation of the signal’s characteristic 
frequencies. The spectrogram (SP) is established to show the visual representation of the spectrum of 
low frequencies inside the sound signal as time varies. This tool corresponds to computing the square 
of the Short-Time Fourier Transform (STFT) of the signal x(t) for a window with w, where: 

2
2 )()(),( dtetwtxwSTFTSP iwt                          (6) 

3. EXPERIMENTAL MEASUREMENTS AND DISCUSSIONS 

3.1 Experimental Measurements 
The experiment was carried out using a three cylinder, four stroke diesel engine coupled to a 

four-pole alternator and installed on a test rig. Noise measurements were carried out using one STO -2 
pressure transducer microphone. Firstly, the measured signal at 1m from the engine side operating at 
1550 rpm steady state acquired for 25 seconds with a sampling frequency of 44100Hz. FFT was 
applied to the recorded noise signal to establish the acoustic spectrum (SPL-Frequency) using MatLab 
as shown in Figure 5. Secondly, the SPL at 1/1 octave frequency band was measured first at the exhaust 
manifold (Figure 2) followed for the structurally radiated noise to identify the contribution of each 
noise source as shown in Figure 6. 
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Figure 5 – Acoustic waveform at no electrical load and 1550 rpm for a 3-cylinder diesel group 

 

Figure 6 – SPL of dominant sources at 1/1 octave frequency bands 

 
Figure 7 – Time-Frequency plot of exhaust noise at the 125 Hz octave band 

3.2 Discussion 
In the above acoustic spectrum of Figure 5, it is observed that the dominant heard noise occurs at 

low and mid frequency range mainly at the 1000Hz octave band, in which the SPL starts to decrease 
after this band. Thus, to improve the equivalent sound level, it is essential first to reduce the SPL at this 
octave band. In the low-frequency range of Figure 5 (up to 200 Hz), several peaks can be observed, 
called harmonic orders. The harmonic frequencies of these orders result from multiplying the 
harmonious order (i) with the fundamental frequency as established in section 2.1. This spectrum 
depends on the engine speed, i.e., if the crank speed increases, the rates of the spikes shift to the higher 
frequencies. Furthermore, the amplitude is highly dependent on the combustion condition and the 
location of the microphone. In this case, the running speed is 1550 rpm; thus, the first order frequency 
is 25.83Hz (1550 rpm/60). Moreover, it can be observed that SPL at main exciter orders such as firing 
frequency (order 1.5) and its harmonic (orders 3, 4.5, 6, 7.5, 9…) is higher than that of the minor orders 
(0.5, 1, 2, 2.5…). 
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Figure 6 shows the contribution of primary noise sources to the overall group SPL in terms of 1/1 
octave frequency band. It’s noticed that the exhaust noise contributes mainly at 1000Hz  octave band. 
Thus, reducing the SPL from the exhaust noise at this octave band can significantly improve the 
equivalent sound level. Besides, exhaust noise is the main contributor of noise till 4000Hz octave band. 
After this band, structurally radiated noise, which is composed of radiated noise from different 
components (Engine block, cylinder head, oil pan, timing covers, stator wall) contr ibutes mainly. At 
low-frequency range, to reduce the SPL at a specific band, e.g., 125Hz octave band, it is essential to 
improve the exhaust noise which adds primarily to this band. Figure 7 shows the dominant frequencies 
in the 125Hz octave band of the exhaust noise. Thus, reducing noise at these harmonic frequencies 
(orders 3.5, 4, 4.5, 5, 5.5, 6, 6.5) will significantly improve the exhaust noise and hence the equivalent 
sound level at this specific band. More features can be extracted from Figure 7 which, corresponds to 
the steady state of emitted noise at observed orders independent on time while measuring at a constant 
speed (1550 rpm). 

4. CONCLUSION 
In this paper, the identification of the source of noise in a 3-cylinder diesel engine group has been 

established. Experiments were conducted based on the analysis of airborne acoustic measurements to 
identify the main contributor to the overall SPL at different octave bands. The developed work is 
useful in defining and enhancing the equivalent sound level and SPL at a specific octave band. 
Experimentally, and at low-frequency range, it was shown that the engine contributes to the overall 
SPL more than the alternator in which the engine crankshaft is subjected to torsional vibration and 
induced noise at the investigated exciter harmonic orders. The dominant heard sound from the diesel 
engine group is mainly at 1000Hz octave band in which the SPL decreases after this band. This latter 
band is dominated by exhaust noise, thus reducing the SPL at this band will sign ificantly improve the 
equivalent sound level of the diesel group. Moreover, exhaust noise is the main contributor to the 
overall sound level below 4000Hz octave band. Therefore, to effectively control group noise below 
4000Hz octave band, exhaust noise has to be controlled well. 
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ABSTRACT 
Engine vibration has been identified as one of the main sources of structure-borne cabin noise. Researchers 
could benefit from having the ability to reproduce operational vibro-acoustic excitation on the ground instead 
of requiring flight testing in order to investigate its generation and transmission paths. While realistic 
excitation generated by engine operation can be obtained through simulations the injection of these forces is 
not a trivial task. The excitation system needs to compensate for all modifications introduced not only by the 
amplification chain but also by the interaction of injected forces in different directions to achieve precise 
excitation in each individual direction.  The development of a multi-channel controller able to perform all 
required compensations can enable a new approach for vibro-acoustic characterization of aircraft fuselages. 
The adaptive controller presented here is able to provide all counteractions required in order to replicate 
translational and rotational forces at the injection points on the structure. The system capabilities are 
demonstrated on a laboratory structure that resembles typical fuselage subcomponents as skin fields, 
stringers and frames. The following work describes the adaptive MIMO controller, presents results and 
discusses its applicability. 
 
Keywords: Active, Structural, Excitation 

1. INTRODUCTION 
In the aeronautics industry, Ground Vibration Tests (GVT’s) are a well stablished testing procedure 

meant to characterize structural behavior of aircrafts. Such applied methodology serves as key part not 
only in the understanding of aeroelastic stability but also provides relevant data used to validate 
analytical models that ultimately become part of the certification process of a irworthiness [1]. In 
summary, GVT’s are able to accurately describe the fuselage response by means of artificial excitation 
of the structure. There are two other closely related methods to achieve similar objectives, Taxi 
Vibrations Tests (TVT) and Flight Vibrations Tests (FVT), the former consists in the replacement of 
the artificial shaker excitation by the natural vibrations generated during aircraft taxiing [2] and the 
later uses the operational vibration generated on the fuselage during flight [3].  

Any current structural testing procedure in the field of aeronautics uses one, or a variation, of these 
methods. From the excitation point of view, the most common strategy is to use arbitrary, but  known, 
excitation signals, e.g. white noise or sine sweeps. This provides the necessary flexibility to obtain, for 
instance, frequency response functions, modal parameters, etc.  

One could easily argue that a FVT will provide the perfect type of excitation since it is in fact an 
operational condition, however the elevated costs associated with flight tests make this option 
unfeasible in most cases. Moreover, such type of excitation, although ideal for many applications, is 
completely unknown and difficult to quantify since there are multiple sources acting on the fuselage 
during flight. The unavailability of such excitation reference will limit the types of processing that can 
be performed, e.g. modal masses can’t be obtained.  

During recent years [4], vibroacoustic topics had drawn considerable attention in the aeronautic 
industry. This is given by the fact that concerns have been shifted from safety and reliability topics of 
previous decades of research to cabin quality and passenger comfort. This current trend has pushed the 
development of new tools and methodologies in order to face these new challenges [5]. A set of 
refocused topics has emerged from the interest in understanding how vibroacoustics play a crucial role 
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in the cabin noise. 
Given the fact that the starting points of all vibroacoustic phenomena are vibrations propagating on 

a structure, it is necessary to have a suitable excitation system capable of reproduce real flight 
operational conditions. If we forget for one second the effect of the Turbulent Boundary Layer, the 
solely source responsible for vibrations on the fuselage at low frequencies are the loads generated by 
the rotating components of the engines. 

Through simulation, it is possible to accurately calculate the loads generated at connection points 
between engines and fuselage. However, a key problem arises at the moment when you try to 
reproduce those loads on the structure, since there is no way to compensate for the modifications 
introduced by the system created between amplifier, shaker and structure. Such unaccounted system 
will certainly change the predefined reference loads. Nonetheless, if the reference loads signal is 
available, it can be used to design an active excitation system able to genera te and inject into the 
structure an exact copy of the simulated loads. As we will show in the following sections, such 
real-time excitation system is based on an adaptive controller. As part of the development process, as 
a first step a single-input single-output (SISO) controller was investigated and implemented, these 
finding have been presented previously [6] [7]. The fundamentals of this system served later on as a 
stepping stone for the more complex multi-input multi-output (MIMO) controller. Such multichannel 
system is part of our long-term goal to create a system able to reproduce forces in the three directions 
of space plus its associated moments. Our previous research already stablish the capabilities of the 
controller to perform MIMO force control, so in this work we will like to extend the focus further and 
present the Moments of Force (Mx) control. 

Therefore, if we could implement a system able to excite a structure in a realistic manner, 
mimicking true loads, such system will allow to study the vibroacoustic behavior of a structure in the 
most accurate way possible. Such opportunity will help, for example, in the better understanding of 
structure—borne noise mechanisms of different parts of a fuselage or will assist in the determination 
of relevant energy transmission paths between sources and receivers.  

2. CONTROLLED EXCITATION 
The type of problem presented in this scenario, where it is required to inject on a structure a copy of 

an arbitrary reference force signal, seems to be a perfect candidate for an active control solution. The 
two main reasons for this are the availability of a reference signal, in this case the load forces, and the 
need to compensate a relatively stable plant. In this particular case the plant consists of the path 
created between amplifier, electrodynamic shaker, the structure and a force cell used to quant ify the 
injected force, Figure 1 shows the configuration of the plant. 

 
Figure 1: Schematic of the plant which consists of a shaker, a structure and a force cell (denoted by the red 

dot) that quantify the injected force into the structure. 
The type of configuration described above is known as inverse control, since the task of adaptive 

process is to generate an inverse system  of the plant P. If this is successfully accomplished, the 
output of the plant will be an unmodified copy of the reference force signal. The typical schematic of 
an idealized inverse controller is shown in Figure 2, where  represents the compensation filter of the 
plant P, driven by the adaptive procedure. The error signal represents the deviation of the output of the 
plant in comparison with the reference force signal at the input of . 
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Figure 2: Block diagram of an idealized adaptive inverse controller. 

There are multiple options available to implement the adaptive algorithm. From the most simple 
and reliable LMS variations to the most sophisticated and demanding RLS variations.  

According with this type of application, the following algorithms were tested in order to find the 
best tradeoff between speed of convergence and overall quality of output signal: NLMS, 
Correlation-LMS, DCT-LMS and RLS. The comparisons showed that all algorithms performed fairly 
well. After this comparison and considering that there is no requirement of high speed tracking of the 
reference signal, it was decided that the NLMS was the proper choice at this stage. Having the 
simplicity of an NLMS algorithm will make it easier to debug any problem that could potentially 
appear during the implementation on hardware.  

The idealized system shown in Figure 2 is the most basic configuration for an inverse controller. 
However this simplicity helps to illustrate how such configuration works. Unfortunately, such 
idealized controller is not able to work properly on a real implementation since it requires conditions 
that are almost impossible to obtain, e.g. that there is no internal disturbance at the output of P. One of 
the options suggested in the literature [8]  that can be used for an actual implementation, has a 
configuration similar to what is called filtered-x LMS (Fx-LMS) algorithm. This configuration is well 
known and widely used in Active Noise Control applications [9].  

One of the characteristics of this configuration is that the control filter  is not applied directly to 
the plant P but rather to a modeled version  of the plant. The Fx-NLMS configuration ensures stable 
inverse control of the plant even in the case where there are errors in the modeling of . Independently 
of how  is modeled, online or offline. In this schema it is assumed that on a previous process the 
plant  was identified and now a copy is connected at the input of the control filter . Under certain 
conditions it could be desired that the plant does not track directly the Reference signal but rather a 
delayed or modified version of the Reference. The introduction of the Reference model M serves this 
purpose. 

 
Figure 3: Block diagram of inverse controller with added reference model. 

The aforementioned implementations rely on the fact that SISO system are commutative, i.e. P(z) 
C(z) = C(z) P(z). However, such a property is in general not true for MIMO systems as pointed out by 
Plett [10]. Special care needs to be taken in the order of how the transfer function matrix of the 
controller C is manipulated. Plett also introduces a highly efficient controller by using a Recursive 
Least Square (RLS) update strategy. It is a well-known fact that RLS algorithms, although fast, are 
computationally demanding. During the development phase it was clear that our hardware system was 
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not able to run the controller at the required sampling rate with a RLS algorithm. Therefore, a 
simplified version was implemented with an LMS algorithm, in a similar manner as the SISO 
controller. The cost of this decision is carried by the speed of convergence, however for our application 
it has a low impact if we have to wait a little longer before the control coefficients settle and the 
optimal solution is reached. The scheme of the MIMO controller can be seen in Figure 4. This is a more 
sophisticated online version of the Fx-LMS controller of Figure 3. 

 
Figure 4:  Block diagram of MIMO hybrid controller. 

 

3. SIMULATIONS 
Although multiple simulations were performed during the development processes in order to test 

different algorithms, a simple example is presented here for the purpose of illustrating the general 
behavior of the controller. In the following figures, comparisons are presented between the Reference 
that represents the desired signal that should be injected into the structure, Control OFF that represents 
the signal obtained at the output of the plant when no control is performed (bypassing ) and Control 
ON is the same as the latter but now the controller  is operating. All these curves are shown in Figure 
5 and Figure 6. 

 
In Figure 5, an arbitrary plant P with a low-pass characteristic was chosen. This fact is evidenced by 

the spectral profile of the Control OFF curve. The reference signal was defined as the sum of four 
sinusoids with frequencies 30, 50, 170 and 240 Hz. After the controller has reached a stable condition 
and the coefficients of  have converged, it can be seen that the Control ON condition matches 
perfectly the Reference signal. This means that the injected force on the structure will be an exact copy 
of the reference. In Figure 6, a similar example is shown where a plant with an almost flat response is 
used and an arbitrary reference profile with seven modes is selected. This time the controller tries to 
adjust the Moment of force Mx applied to a point on the structure. A more complete description of 
moment controller will be given in the following sections. Once again, after the controller reaches a 
stable condition, the resulting applied moment over a given point on the structure ma tches almost 
perfectly the Reference Mx profile. 

4. HARDWARE REALIZATION AND EXPERIMENTAL RESULTS OF A MIMO 
SYSTEM 

4.1 Force control 
The last stage in the development process of the active controller was the implementation of the 

previously described algorithm into specialized hardware running in real time. For this purpose the 
algorithm was developed using Simulink and an ADwin-Pro II T12 system. The test structure used was 
a single aluminum plate of 1 x 0.8 x 0.03 m, with an asymmetric milled pattern that resembles the skin 
fields, stringers and frames typically found in fuselage structures. The thickness of the skin fields,  
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 stringers and frames was 1, 5 and 10 mm respectively. The plate was suspended using bungee cords in 
order to generate free displacement boundary conditions, as seen in Figure 7. 

 The next step in the development of the system was to extend its capabilities to be able to provide 
three-dimensional controlled excitation, i.e. in each direction of space. The extension f rom a SISO 
controller, as described previously, to a MIMO implementation required certain modifications of the 
algorithms. Two incremental versions of the MIMO controller were developed during this part of the 
project. The first version took a simple approach similar to the SISO system in the sense that there 
were two steps for the controller to work. In the initial step the mimo plant P was identified and the 
corresponding coefficient stored. The second step consisted in loading the stored coefficients of P to 
use them as part of the inverse controller. This approach ensured a simple structure that could help to 
debug any potential problem during development. Later on, a second version was implemented with a 
more advanced approach. In this case, both previous steps were merged into a single algorithm that 
performed simultaneously the system identification of P while the inverse control was operating. The 
scheme used is shown in Figure 4, where the blocks naming are similar to the SISO system introduced 
in Figure 3. Further specifics of this control strategy can be found in Plett’s reference. Since this is a 
controller driven by a reference system, and not a reference signal, the inputs rk and nk correspond to 
broadband noise. In principle both developed version used the same reference model M, still due to 
changes in the sampling frequency and how these models are created, small differences occurred. This 
means that, although both reference models do not match perfectly, they follow a resembling 
frequency profile as will be seen in Figure 9 and Figure 10. Nonetheless, for our comparison these 
small differences are irrelevant and only a global qualitative performance is derived from both 
versions. 

For the evaluation of the MIMO implementation, the same aluminum plate was used but this time 
three shakers were attached, one per spatial direction as seen in Figure 7. In this case, three different 
frequency profiles were arbitrarily defined. As in the previous SISO case, these profiles serve as the 
target reference that the controller will try to replicate at the injection point of the structure. The 
profiles were integrated into the controller as part of the reference model M. The results of the 
evaluation are summarized in Figure 9 and Figure 10, where the Reference profiles and the Control ON 
conditions are shown. There, each color represents one direction in space, the solid and dashed lines 
represent the Reference and the Control ON respectively. From Figure 9 it is possible establish the 
correct operation of the controller. The good agreement among references and resulting profiles 
illustrates the proper generation of control coefficients and the successful application of the 
compensation filter C to the input signal. In X direction, it is possible to notice a relatively small 
difference of 0.6 dB between Reference and Control ON in the region of interest. In Y direction, 
vertical excitation, the difference between both curves seems to increase in the upper frequency range. 
We assume that in this direction the suspension of the plate negatively affects the result. It is not 
unreasonable to assume that a non-linear effect of the bungee cords suspension escapes the control 
capabilities of the system making it appear as a less favorable result. In order to validate this 
assumption, a new configuration of suspension is being designed to minimize its influence and will be 
evaluated in the near future. The Z direction, perpendicular to the plate, presents an almost perfect 
match between Reference and Control ON profiles. The results of the second version of the controller, 

 
Figure 5: Example comparison of simulated  

force spectra. 

 
Figure 6: Example comparison of simulated  

moment of force spectra. 
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shown in Figure 10, exceed its predecessor. In this case there is a closer match between References and 
Control ON condition in all three directions. Despite this better agreement, once again it is possible to 
observe a small deviation region in the Y curve. As already discussed, this may be caused by the 
suspension system of the plate. Nevertheless, the important outcome if this comparison is that the 
second version of the controller performs substantially better, this is most probably due to the 
continuous adjustment of the identified plant that quantifies any deviation occurring during the 
operation of the controller. 

 

Figure 7: Aluminum plate configuration for  

Force control 

 

Figure 8: Aluminum plate configuration for  

Moment of force control 

4.2 Moment control 
The designed Moment controller was defined to apply a moment Mx around the x-axis, as seen in 

Figure 7 and Figure 8, where two forces are applied perpendicular to the plate and arranged vertically 
along the y-axis. Such configuration assumes that the moment is applied at the center point between 
both forces. The moment Mx is obtained by 

, (1) 
where r is the distance between each applied force and the center point where the adapter beam is 
attached to the plate. This adapter beam serves as interface for connecting shakers and force cells to 
the plate at a single point. In order to perform the control of the moment, it is necessary to modify 
slightly the control scheme previously used, shown in Figure 4. Since there are not sensors that can 
provide a direct moment signal that can be used to build an error signal, this is derived from Eq. 1. 
Therefore, this is added as a two stages Plant, where an impulse response representation of this 
equation is set before in the controller path and also after the returned signals from the force cells in 
order to build an error signal by comparing the real generated moment on the structure and the 
predefined reference moment. For a single moment control, i.e. Mx in our case, this configuration can 
be considered as Multi-input Single-Output (MISO) since two forces are actually injected on the 
interface in order to generate a single moment applied. However, one could make some assumption and 
simplify the controller even further, as for example defining that both injected forces have the same 
magnitude but opposite direction. On one hand this implies that the net force applied is zero and on the 
other hand the controller will have to consider only single input, transforming it internally into a 
Single-Input Single-Output controller although there are still two input and two output channels.  
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The evaluation of the controller is performed as in the previous cases, where the frequency 
Reference model is compared against the actual moment generated by the Control ON condition. The 
result is shown in Figure 11. There it is possible to notice the relatively good agreement between both 
curves, which means that the controller is properly generating the correct moment at the injection point. 
A slight deviation appears in the upper frequency region, the difference there average around 2.5 dB. 
At the moment there is no clear explanation about the causes of this difference, however there are two 
main factors that could be responsible. The first one is the fact that only the moment in one direction is 
being controller and maybe small cross-coupling is taking place with the moments in y and z direction. 
The second factor could be the suspension system used during the experiments. This type of deviation 
was also noted in the results of force control, as seen in Figure 10. Future work will try to address this 
issue by implementing a multiple control of all moment’s directions.  
 

 

Figure 11: Spectral comparison of Moment Mx controller, Reference vs. Control ON. 

5. CONCLUSIONS 
In this paper we examine the application of an active system to perform controlled structural 

excitation. Simulations and laboratory test show that it is possible to successfully apply a calibrated 
excitation for either multi-tonal or broadband signals in accordance with an arbitrary predefined signal 
reference or model reference. A MIMO controller was presented and evaluated. The successful 
implementation was demonstrated through laboratory experiments. The controller was able to 
reproduce reference forces with great accuracy. Moreover, two versions of MIMO controllers were 
implemented as part of the development within this project. The most advanced version of the MIMO 
controller showed significant better performance than its predecessor.  

 

Figure 9: Spectral comparison of first version of 

MIMO controller, References vs. Control ON 

condition. 

 

Figure 10: Spectral comparison of second version of 

Hybrid MIMO controller, References vs. Control ON 

condition. 
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Besides the force control scheme, a Moment of Force control strategy was developed, implemented 
and evaluated. This controller uses a modified version of the previously used controller. The 
evaluation showed a good agreement between the reference and injected moment. The future 
integration of Forces and Moments control will provide an essential tool in the aircraft vibroacoustic 
research field. 
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ABSTRACT
Structural strengthening and restrained damping have been widely used for vibration control, but some
negative effects was brought such as weight increase. Stiffness and damping are both important measures
for structural vibration control. Based on harmonic response analysis, the technology of design with
stiffness and damping for vibration control is studied in this paper. Under the condition of little weight gain,
the wonderful performance of vibration control was obtained. This method has significance for structures
with high requirements for weight and vibration control in engineering.

Keywords: Constrained damping, Stiffness enhancement, Vibration control

1. INTRODUCTION
From the point of view of vibration reduction, the energy of damper loss system is to transform

the energy of mechanical vibration into heat energy, electric energy, magnetic energy or other forms
of energy loss, so as to achieve the purpose of vibration reduction. In order to control the vibration in
various thin plate structures, additional damping is a common way to reduce the vibration of thin
shell structures(1-6). Additional damped structures mainly include free damped structures and
constrained damped structures. When strained, the damped structures consume vibration energy by
bending or shearing deformation. Stiffness reinforcement is to lay reinforcement bars on the surface
of thin plate structure, to exchange smaller mass for greater stiffness and strength of the whole
structure, so as to control its vibration. Reinforcement tendons are widely used in ship, construction
and machinery. According to statistics, various types of reinforcement tendons can account for more
than 35% of large ship structures, and play a very important role in lightweight hull structures.

In a large number of literatures, scholars have only studied the effect of damping or stiffness on
vibration reduction. Few literatures have combined the damping and stiffness. Damping and stiffness
are both important measures for structural vibration control. If the combined effect of them can be
optimized, it will bring better vibration reduction effect. In this paper, the effect of damp and
stiffness on structural vibration control is studied, and the design method of damp-stiffness
combined vibration reduction is proposed.

2. DAMPING STRUCTURE VIBRATION REDUCTION TECHNOLOGY
Viscoelastic material is the most commonly used damping layer material in the additional

damping structure. From the macroscopic point of view, it has two characteristics: solid elasticity
and fluid viscosity. Microscopically, it is a kind of macromolecule polymer, and its molecules are
easy to produce relative movement. The viscoelastic damping materials need to overcome the
internal friction caused by the slip and torsion between molecular chains when strain occurs. The
energy dissipation of viscoelastic damping material per unit volume in a vibration period can be
expressed as follows:

2=W E  (1)
Where  was strain of viscoelastic material,  was viscoelastic material loss factor, and the E 

was the real part of the complex modulus of viscoelastic damping material, also known as the storage
modulus.

When the vibration amplitude is fixed, the greater the value of E  , the more vibration energy

1 oldcandy@163.com
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consumed by viscoelastic damping materials. So loss factor and real modulus of elasticity are generally
used as the main indicators of vibration energy dissipation, but they are greatly affected by environmental
factors such as frequency and temperature. Many constitutive models have been proposed by scholars to
describe the dynamic characteristics of viscoelastic materials more accurately. Maxwell model and
Kelvin-Voigt model simulate the dynamic characteristics of viscoelastic materials by the combination of
dampers and springs, but they only represent a part of creep and relaxation processes. Rational fractional
derivative model has just been developed in recent decades. The constitutive relationship established by
fractional derivative theory can accurately describe the dynamic characteristics of viscoelastic materials,
but it is necessary to apply it to practical applications, and multiple parameters are fitted. As one of the
most commonly used models, the complex modulus model can accurately represent the vibration energy
dissipation under harmonic excitation, avoiding the mechanical characteristics of viscoelastic materials
when strain occurs.

Although viscoelastic materials have a history of several decades, there is no unified constitutive
equation to describe their dynamic characteristics accurately and simply. The analytical method can only
deal with the dynamic problems of simple viscoelastic damped structures. At present, the most effective
method to solve complex engineering problems is to establish the model of viscoelastic composite structure
based on finite element method, and carry out finite element analysis of damped structure. The main
analysis methods are complex stiffness method and modal strain energy method. The above two finite
element methods have higher accuracy for constrained damping analysis.

2.1 Complex stiffness method
The dynamic equation of elastic-viscoelastic composite structure is transformed into free vibration state,

that is:
         0M u C u K u    (2)

According to the dynamic properties of viscoelastic damping materials, the elastic modulus is expressed
in the form of complex modulus:

(1 )E E iE E i      (3)
Where E was complex elastic modulus of viscoelastic damping materials, E  was the imaginary part of
the complex modulus of viscoelastic damping materials is also called the dissipative modulus.

At this time, (2) can be simplified as:
    * 0M u K u    (4)

Where *K   is a complex stiffness matrix of viscoelastic composite structure, which is expressed as:
   * = +K K i K    (5)

Where  K  was real part of complex stiffness matrix,  K  was imaginary part of complex stiffness
matrix.Under harmonic excitation, the form of solution of equation (4) is as follows:

   * j tx e  (6)

Then the complex eigenvalue of the system is:
* 1 i    (7)

The real and imaginary parts of the complex eigenvalues of viscoelastic damped composite structures
can be obtained by substituting formula (7) into (4):

    
    

* *

* *
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 (9)

The characteristic values and modal loss factors of viscoelastic damped composite structures can be
obtained. Under the excitation of harmonic response, the dynamic characteristics of damped structures
could be described by the complex stiffness method, but the solving process takes a long time.

2.2 Modal strain energy method
The modal strain energy method is used to calculate the loss factor of viscoelastic composite structures

from the point of view of energy dissipation of viscoelastic damped structures. The idea of this method is to
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assume that the damped modes are similar to the non-damped modes in the process of vibration, that is, the
modal shapes of the structures with additional dampers remain unchanged. The eigenvectors of the
dynamic equation of the undamped structure obtained from the modal analysis of the viscoelastic
composite structure are used to calculate the strain energy of each element, and then the viscoelastic
damping treatment is brought into the dynamic equation to obtain the damping characteristics of the
structure.

The overall stiffness of the elastic-viscoelastic composite structure includes the stiffness of the elastic
layer element and the damping layer element, so the total modal strain energy can be expressed as:

                1 1 1
2 2 2

T T T

b v
U K K K        (10)

Where  K was stiffness matrix of viscoelastic damping composite structures,  bK was stiffness
matrix of elastic layer metal plate in viscoelastic damping composite structures,  vK was stiffness matrix
of damping layer of viscoelastic damped composite structure.

The dissipated energy vU of the damping layer element in a unit period can be expressed by the
dissipated energy of the damping material.

     1
2

T
v v

U K   (11)

The loss factors of viscoelastic damped composite structures are expressed as follows:
     

           

T

v v
T T

b v

KU
U K K

 
 

   


 


(12)

Modal strain energy method avoids the calculation of complex eigenvalues and reduces the amount of
calculation. Using many finite element analysis software, the distribution and magnitude of structural
modal strain energy can be calculated directly, and the dynamic analysis of complex structures can be
carried out quickly.

3. VIBRATION REDUCTION TECHNOLOGY OF STIFFNESS-REINFORCED
STRUCTURES

Increasing stiffness is one of the important measures to reinforce structures. In the reinforcement of
buildings, aircraft and ships, reinforcement tendons are often used to consolidate the strength of structures.
The stiffness of the structure is closely related to its vibration response, which in essence directly
determines the vibration response of the structure. Appropriate increase of stiffness can not only reinforce
the structure, but also increase the lower limit of its modal frequency and control its vibration.

The finite element dynamic equations of elastic structures can be expressed as follows:
          ( )M u C u K u P t    (13)

Where  M was mass matrix，  K was stiffness matrix,  C was damping matrix,  u was node
displacement vector, and  ( )P t was the external force vector of the node;

When the damping and external forces are not considered, the structural dynamic equation of
equation (13) can be simplified as follows:

      0M u K u  (14)
When the structure is in simple harmonic motion, the equation is as follows:

    ( ) j tu e    (15)
Where   was amplitude matrix,  ( )  was modal function。

The simplified formula (15) could be obtained by introduced into formula (14):
     2 0K M   (16)

Only when the coefficient determinant of equation (16) is zero, the equation have a non-zero solution,
that is:

   2det( ) 0K M  (17)
The eigenvalues and eigenvectors of the equation can be obtained by solving formula (17). The

eigenvalues are the square of the natural frequency of the structure 2 , and the eigenvectors are the
mode shapes of the structure   . The modal parameters of the structure can be obtained from the
stiffness matrix and the mass matrix of the structure by the finite element method.
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4. DESIGN METHOD OF VIBRATION REDUCTION WITH LOCAL DAMPING AND
STIFFNESS REINFORCEMENT

The location of laying local damping is near the excitation point to ensure that the vibration of the
structure is controlled within a local range. At present, constant damping factor is generally used to
describe the damping characteristics of materials in the acoustic study of damped composite plate
structures.

The most commonly used method of stiffness structure strengthening is to arrange reinforcing
bars to support the thin plate in the way of meridians, so as to strengthen the structure. The most
common reinforcing bars structure is orthogonal regular layout. This structure is widely used in
navigation, aviation and so on.

In order to combine local strengthening with local constrained damping and obtain wonderful in
structural vibration reduction, the design method is as follows:

(1) Determining the location of load excitation;
(2) Isolate the excitation position with stiffeners;
(3) Damping materials are coated in the isolation area.

5. ANALYSIS OF SIMULATION RESULTS
The simulation model is a steel sheet with a length and width of 1000 mm and a thickness of 2

mm. The parameters of local restraint damping are as follows: the thickness of the damping layer is
10 mm, the thickness of the restraint layer is 2 mm, and the edge length is 400 mm, covering around
the excitation point. On the other side of the sheet, reinforcement bars are arranged with height of 20
mm, width of 4 mm and orthogonal staggered arrangement of 4 reinforcement bars. Four stiffeners
surround the excitation point in a region with damping measures at the same time. As shown in
figure 1.

Figure 1 - Models of Local Stiffness Reinforcement and Local Constrained Damping
The thin plate structure is constrained by simply supported four ends, and a simple harmonic

excitation force of 10N is applied at the center of the thin plate. Table 1: Physical parameters of steel
plate and damping material. Usually, the damping rate of material varies with frequency, for
simplified model, the damping rate is 0.9.

Table 1 - Material parameters

Materials Density/kg m-3 Modulus of
Elasticity/pa

Poisson's
Ratio

steel 7780 2.1E11 0.27
Damping material 1980 5.8E8 0.47

The following three models are analyzed:
Model I: Thin plate;
Model II: A thin plate covered with a free damping layer;
Model III: Thin plates with locally stiffened and locally constrained dampers, as shown in Figure

1.
The frequency range of the analysis is 10 ~ 500 Hz. In the three models, the frequency response

of the excitation position is shown in Figures 2 and 3.
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Figure 2 - Comparison of central point amplitudes of three models

Figure 3 - Comparison of center point velocity of three models
According to Figure 3 and Figure 4, the displacement and velocity of the thin plate in the

frequency range of 10-500 Hz are much higher than those of model II and model III when there is no
vibration controlled measure. The vibration of model II is reduced by about 21.6 dB compared with
model I. Model III is further reduced than model II. At 120 Hz, the vibration of model III and model
II is basically the same. In the wide frequency range, the vibration of model III is reduced by 10.3
dB compared with that of model II. It shows that under the simultaneous action of stiffness and
damping, the vibration reduction effect of model III is better than that of simple damping.

6. CONCLUSIONS
In this paper, based on the way of local constrained damping and stiffness strengthening, the local

constrained damping layer is laid on the area where vibration reduction is needed. Because the
damping is only partially coated, the additional weight is reduced. From the results of numerical
simulation, it can be seen that both local damping and stiffness are effective methods to control
vibration. This method has a good guiding significance for the design of structural vibration control.
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ABSTRACT 
Condition monitoring of machinery is concerned for the purpose of maintenance, productivity and 

avoiding potential downtime. In the trend of smart factory, the virtual representation of machining process 
can be built by measuring the vibration. Different working conditions and fault conditions should be 
identified. Different working conditions have different characteristics with the general signal processing 
parameters in time and frequency domain. The dimension reduction method like PCA, and the cluster method 
like k-means can be used for further classification. In order to accurately classify different operating 
conditions, the feature extracted from the measured signal should be distinct enough. In this case, multiple 
vibration sensors have to be implemented, and transmissibility function between different sensors of the 
dynamic system can be considered as the characteristic parameters. This paper combines transmissibility 
function and signal processing parameters for classification of different operating conditions to extract more 
information about operating process. 
 
Keywords: Operating condition, Transmissibility function, Machine learning 

1. INTRODUCTION 
In the trend of smart factory, the manufacture process is monitored by various kinds of sensors 

for the purpose of maintenance, optimization and productivity. As for machining process, states of 
the machine tool are represented by vibration sensors. The vibration signal of operating condition 
can be simply characterized by signal processing features, such as mean, standard deviation, 
variance in time domain, and spectrum, resonance frequency, central frequency, wavelet(1, 2), 
cepstrum(3, 4) and so on. 

The modern machine learning technique is implemented in the field of condition monitoring(5), 
which does not require sufficient diagnostic knowledge on the characteristics of vibration signals. 
However, there are many working conditions during the machining process, the features extract from 
the vibration signals should be distinct enough.  

In a complex mechanical system, not only the characteristics of the source but also the transfer 
path should be analyzed. Transfer path analysis is commonly used in the automotive industry, where 
the each source’s contribution to the overall noise(6) are analyzed. In different machining process, 
modal parameters should be analyzed as well, and these modal parameters are time-variant during 
the process. Another technique is invented which is called operational modal parameter 
estimation(7). In case the exact input source, the excitation force, and the transfer function cannot be 
measured, modal parameter data can be estimated by operating data. 

The relationship between the sensor signals at the desired location and measured loc ation can be 
expressed as the transmissibility function by the methodology of operational transfer path 
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analysis(8). As the state of machining changes, the cutting force and the stress of the structure vary 
consequently. This kind of difference can be represented in the transmissibility matrix.  

This paper demonstrates a novel method which uses the transmissibility function to monitor the 
machining process. This feature is distinct for different operating conditions, and the experimental 
work is shown.  

 

2. METHOD 
2.1 Classification 

The purpose of condition monitoring is to classify the data. If the label is available, the 
classifier such as KNN(9), random forest(10), CNN(11) can be used for classification. If the label is 
unavailable, the k-means(12), DBSCAN(13), Graph Community Detection(14) is used to clustering 
the data.  

Before the classification can be implemented, the high dimensional data should be reduced to 
the low dimensional data, and PCA(15) is commonly used, and the charactistics has to be carefully 
chosen when performing PCA. 
2.2 Transmissibility Function 

Assuming that the transfer function of the system is linear and time invariant, the vibration signal 
at the one location can be derived by the signal from other locations, which can be denote as Y=AX, 
where A is the transmissibility function from the sensors X to the sensor Y.  

 
Figure 1 Diagram of the transmissibility function 

 
The transmissibility function can be obtained by the operational condition 1** )(XXYXA  in 

case the system is time-invariant. Then the signal at locations Y, can be estimated by the reference 
sensors at location X 

=predict newY AX  (1) 
If the system is time-invariant, the predicted data predictY  should be exactly the same as the 

measured data newY . In case the system is time-variant, matrix A changes continually and the 
predicted data predictY is different from the measured data newY . Therefore the error between predictY  
and newY  (error = predictY newY ) points to the variance of the transmissibility functions. This gives 
a way to monitor the variance of the system.  

 

3. EXPERIMENTAL RESULTS 

3.1 Experimental set-up 
The experiment was implemented on a 3-axis milling machine. One accelerometer was mounted 

on the spindle, while the other two were mounted on bench clamp and workbench. A rectangular 
aluminum work piece with the length of 60 cm, was cut by different depth of cutting, feed rate and 
spindle speed, as shown in Table 1. 
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Table 1 – Different machining parameters 

Operating Condition Cutting depth, mm Feed rate,mm/min Spindle speed,RPM 

1 1 500 1500 

2 1 500 2500 

3 3 500 1500 
The work piece was rigidly fixed in the middle, while the left-hand side and right-hand side were 

left free. The milling cutter was moving from left side to right side as shown in Figure 2. As the 
cutter was moving, excitation point was moving, thus the transfer function and modal response were 
changing.  

 
Figure 2 Test rig 

3.2 Classification using the one accelerometer  
For the huge amount of data, manually observing the data in time and frequency domain is 

tedious. Principal Component Analysis(PCA) is a commonly-used approach to extract unknown 
underlying features. As shown in Figure 3, different working conditions, different cutting depth, 
feed rate and spindle speed can be grouped into different clusters.  

 
Figure 3 Scatter plot by PCA, the vibration is picked up on bench clamp   
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3.3 The transmissibility matrix variance during the process  
In order to distinguish different characteristics at different cutting positions, the transmissibility 

function is considered. Calculated with the operational data, a spectrogram-like figure is drawn in 
Figure 4, which is the transmissibility from the spindle to workbench. It shows the time-variance of 
the transmissibility from the spindle to the workbench when the cutter moves from left to right. At 
the left-most side and right-most side, there are resonance responses between 1k-2kHz, and since the 
middle part is fixed, the magnitude is smaller. This figure illustrates variance of the transmissibility 
and gives additional information for condition monitoring.  

 
Figure 4 Transmissibility function from the spindle to the workbench  

3.4 Classification of different operating conditions 
Performing PCA on the time-variant transmissibility function calculated by one-third octave SPL 

of different operating conditions, the data is distinct in the scatter plot, as shown in Figure 5. 
Therefore, this feature can be used for the further classification algorithm like KNN.  

 

Figure 5 Scatter plot of different operating conditions 

3.5 Classification of different cutting positions  
During the process when the tool moves from the free-vibrating side to the rigid-fixed side, the 

modal response is changed, and variance should be monitored as well. According to Equation 1, a 
simple way is to compare the difference. For example, the measured signal at the leftmost -10cm is 
used to estimate transmissibility matrix A, then estimated signal is calculated when the tool is 
cutting the middle position. Since the transmissibility function is changed, error could be large at 
certain frequencies. Figure 6 compares the measured and the estimated spectrum from different 
training condition. If the matrix A changes too much, the estimation error increases. Training 
Condition 2 means the cutter processes at center position of the work piece. The Condition 1 and 
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Condition 3 means the position of leftmost 10 cm and rightmost 10 cm respectively. The measured 
condition is real measured data when the tool is cutting the middle rigidly fixed part of the work 
piece.  

 
Figure 6 Estimation error corresponding to the reference sensor 

Furthermore, PCA is implement on the estimation error, the difference caused by the change of 
transmissibility function is distinct. 

During the experiment, the tool is continuously moving from the leftmost side to the rightmost 
side. Figure 7a shows the scatter plot when performing k-means clustering algorithms to divide the 
data into three groups. Figure 7b shows, the manually-divided groups by the position 15 cm and 45 
cm. The mismatches between the groups are only 3.9%, 3.8%, 11.7% respectively, and this means 
that the transmissibility function at the left and right free-vibrating side are different from that at the 
rigidly-fixed position. This gives a way to automatically classify the different operating conditions. 

 

a) 

 

b) 

Figure 7 Scatter plot by PCA of estimation error 

4. CONCLUSIONS 
This paper presents the transmissibility function as the feature to represent different operating 

conditions of machining process. The transmissibility gives a distinct feature which helps to classify 
not only the different feed rate, spindle speed and cutting depth, but also the different cutting 
position. The further work should research on different classification methods which can classify the 
working conditions of machining process automatically.  
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region inside the structure. Therefore, to describe and localize the real damage progress in more detail, 
it is important to analyze the processes and interactions of the elastic wave propagation in localized 
damaged structures. In recent years, some studies have already examined this specific problem 
analytically (22-24). In these previous works, a spherical nonlinear elastic inclusion within an 
undamaged linear elastic host medium has been considered as the damage zone, and the analytical 
expressions for the scattered harmonic wave fields have been derived using the scattered far-field 
solutions. Depending on the wavelength, the radius of the inclusion and the elastic wave mode 
(longitudinal or shear wave), a characteristic distribution or shape of the associated scattered wave 
field exists. Based on the above-mentioned analytical solutions, the wave propagation problem in a 
3-D isotropic, linear elastic medium with a spherical nonlinear elastic region will be numerically 
investigated in this study. In addition to the case of a quadratic nonlinear elastic inclusion, a hysteretic 
nonlinear elastic inclusion is also analyzed by applying a suitable material law. Subsequently, the 
numerical results for the two cases will be compared and discussed in the context of the analytical 
solutions. 

2. NONLINEAR ELASTICITY 

2.1 Classical quadratic nonlinear elasticity  
Considering the third-order terms in the elastic strain energy of an isotropic solid the following 
expression can be obtained  

2 3
1 2 1 1 2 3

2 2
2 2

2 3

l m
I I I mI I nI

λ μφ μ  (1) 

Here, φ is the elastic strain energy, λ and μ  are the second-order elastic constants, l, m and n are the 
third-order elastic constants according to Murnaghan (1), and I1, I2 and I3 represent the invariants of 
the strain tensor. By assuming infinitesimal strains and neglecting nonlinear contributions in the strain 
tensor, the strain invariants in Eq. (1) can be expressed as follows 
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where the infinitesimal strains are defined by 
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Here, u, v and w denote the displacements of the 3-D continuum in the x-, y- and z-directions. 
Differentiating the strain energy given by Eq. (1) with respect to the strains defined by Eq. (3) yields 
the following normal and shear stresses 
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with E1 = λ + 2μ and E2 = l + 2m. 
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2.2 Hysteretic nonlinear elasticity  
As already mentioned in the introduction, that for an appropriate description of the nonlinear elastic 

behavior of many engineering materials, it is often not sufficient to apply only the classical nonlinear 
elastic theory. Therefore, non-classical nonlinear elastic theory has to be applied. Especially in 
heterogeneous materials, such as concretes, composites and damaged structures, a pronounced 
non-classical hysteretic material behavior is often observed. To model the hysteretic nonlinear 
behavior, the Nazarov-hysteresis model (25) is used in this study. In this case, the 1-D governing 
constitutive equation is given by  

( )( )1 ,x x x xE fσ ε ε ε= − , (6) 

where for the purely elastic case we have 
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with the hysteretic material parameters γ1 − γ4 and the exponent nN. In Eq. (7), εm+ and εm− denote the 
maximum and minimum strains in the current hysteresis loop. To transform the 1-D constitutive 
equations to 3-D, the Kelvin decomposition method (26, 27) is used. Here, the linear elastic stiffness 
matrix in the Voigt notation CV is transformed to the Kelvin notation CK by applying the 
transformation relation CK = TCVT, where the corresponding transformation matrix is defined by 

diag 1, 1, 1, 2, 2, 2T . (8) 

Accordingly, the corresponding strain and stress vectors can be defined by

, , , 2 , 2 , 2K
x y z xy xz yzε ε ε ε ε εε  and , , , 2 , 2 , 2K

x y z xy xz yzσ σ σ τ τ τσ . Subsequently, the 

eigenvalue problem of the Kelvin system is solved to obtain the respective constitutive relations in the 

eigensystem as ˆ ˆˆ Cσ ε . For an isotropic linear elastic solid, the so-called eigenstiffness matrix can 
be obtained via the corresponding eigenvalues as follows  

ˆ 3 2 , 2 , 2 , , ,diag λ μ μ μ μ μ μC      . (9) 

By means of the eigenvectors, the so-called eigenstrains or eigenstresses are defined by 

1 1 1
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x y z z x y y x xy xz yz

σ σ σ τ τ τ σ σ σ σ σ σ σ σ τ τ τ

ε ε ε γ γ γ ε ε ε ε ε ε ε ε γ γ γ

σ

ε
 (10) 

In the obtained system of equations, the associated eigenstresses are independent of each other and 
detached from the original coordinate system. Thus, when it is stretched in one particular eigenstress 
direction, no elastic energy is effectively involved in the other stress directions (invariant system) (27). 
Therefore, the scalar hysteretic nonlinear stress-strain relationships can be applied for each of the six 
independent directions. Finally, the stress components in the original Cartesian coordinate system can 
be obtained by the inverse transform.  

3. STAGGERED CHEBYSHEV-PSEUDOSPECTRAL COLLOCATION METHOD 
Due to the advantages of the spectral methods regarding computing time and memory requirement, 

a numerical collocation method based on the Chebyshev polynomials is applied in this study. This 
method has already been developed several decades ago (28) and has been successfully applied in the 
fields of engineering, geoscience or meteorology. In contrast to the Fourier spectral methods it can also 
be applied to non-periodic boundary value problems. In the following, the key steps of the present 
numerical method and the corresponding modifications are briefly explained. Firstly, the governing 
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equations of motion for the 3-D wave propagation problems are recast into a first-order hyperbolic 
system of partial differential equations (PDEs), which can be written in the following form 

1 1 1
,   ,   xy y xy y yz yzx x xz xzz z

vv v

t x y z t x y z t x y z

τ τ σ τ τσ τ τ σ
ρ ρ ρ

. (11) 

From Eq. (3), the strain rates are related to the particle velocities by the following kinematic equations 
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εε ε

γ γγ
 (12) 

Finally, the nonlinear constitutive equations introduced in the previous sections are used to relate the 
stresses to the corresponding strains or strain rates. 
To solve the obtained system of PDEs, complemented by the corresponding boundary and initial 
conditions, a staggered Chebyshev pseudo-spectral collocation is adopted, where the spatial 
discretization is based on a Chebyshev polynomial expansion and the time discretization is applied by 
explicit time integration. As a modification to the standard collocation method the field variables are 
located on a staggered non-equidistant grid according to Fig. 1. Here, N and N−1 collocation points 
along one distinct direction of the computational grid are defined by the Gauss-Lobatto and Gauss 
points (29). Applying the Chebyshev series on this grid the spatial derivatives of the field variables in 
Eqs. (11) and (12) are obtained. To interpolate between the two different grids a Lagrangian 
interpolation is applied. Furthermore, to evolve the velocities and strains in time a staggered leap frog 
scheme (27) is used, which is second order accurate and based on a central difference approximation of 
the corresponding time derivatives. According to the stability conditions, the dense meshing near the 
boundaries in the standard Chebyshev pseudo-spectral method leads to severe time-step restrictions. 
Therefore, a mapping function is used here to achieve a more equidistant node distribution and relax 
the time-step restriction (28). Furthermore, the spatial derivatives are determined by a direct matrix 
multiplication of the predefined Chebyshev difference matrices with the field variable vectors. Due to 
the highly parallel structure of the corresponding numerical scheme all computations are performed on 
the graphical processing unit (GPU) which improves the computing time considerably compared to the 
conventional CPU based calculations.  
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Figure 1 – Distribution of field variables at the 3-D staggered Gauss/ Gauss-Lobatto grid 

 
The basic 3-D computational domain for the subsequent numerical simulations is illustrated in Fig. 2. 
Here the physical domain including the linear elastic medium with the nonlinear spherical region is 
surrounded by convolutional perfectly matched layers (CPML’s) (30) absorbing the outgoing waves. 
The physical domain under consideration is excited by an ultrasonic stress source (σx or τxy) defined at 
the free y-z-plane (x = 0) and prescribed by the following time harmonic function 

( ) ( )( ) ( )1
0, , , sin 2 1 cos 2

2 sig sig sig
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t
T x y z t A f t H t t

t
π π

  
 = = ⋅ ⋅ − ⋅ −     

, 

 

(13) 

where Asig is the stress amplitude, fsig is the excitation frequency, tsig is the signal duration and H is the 
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Heaviside step function. To visualize and analyze the associated wave scattering problem the 
frequency-domain response is of particular interest and importance. For this purpose, the time-domain 
displacement fields of selected planes within the considered 3-D continuum are transformed to the 
frequency-domain by applying the fast Fourier transform (FFT). In order to separate the wave modes 
scattered from the nonlinear spherical region, the displacements ux, uy and uz in the cartesian 
coordinate system (obtained from the corresponding velocities by time integration) are transformed to 
the spherical coordinate system (Fig. 3) as follows 
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cos cos cos sin sin ,
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ϕ ϕ
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 (14) 

 
with the polar angle θ and the azimuthal angle ϕ. In Eq. (13), ur represents the longitudinal wave mode 
whereas uϕ and uθ defining the two transverse wave modes of the scattered wave field.  
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Figure 2 – 3-D Computational domain  Figure 3 – Spherical coordinate system      

4. NUMERICAL RESULTS AND DISCUSSION 
In this section, the propagation of longitudinal and shear waves in a linear elastic medium with a 
localized damage region is investigated by applying the numerical method presented in the previous 
section. The damage region is modeled by a nonlinear elastic spherical inclusion located at the center 
of the computational domain inside the linear (undamaged) elastic host medium (Fig. 2). For 
describing the nonlinear elastic behavior, the above-mentioned nonlinear constitutive relations are 
separately implemented and considered. The main geometrical and material parameters used for the 
following numerical examples are summarized in Table 1. 
 

Table 1 – Simulation and material parameters 

L d Asig fsig tsig λ μ ρ 
(mm) (mm) (MPa) (kHz) (μs) (GPa) (GPa) (kg/m³) 
20.00 2.00 − 31.05 100 60 9.75 15.00 2350 

4.1 Quadratic nonlinear elastic case 
Harmonic generation in a quadratic nonlinear elastic medium is mainly associated with a 

pronounced second harmonic wave field. Therefore, in this section only this second harmonic part of 
the total scattered wave field will be considered. The third-order elastic constants are taken as 
l = m = n = − 2000 GPa. For the case of a longitudinal wave excitation (σx) the scattered longitudinal 
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ABSTRACT 
In special cases of angle beam ultrasonic measurement – e.g. defect detection in hot solids as well as 

flow measurement of liquid gases or energy storage mediums [1] – the applied transducer has to withstand 
extreme temperatures. Since the irradiation angle into the specific material is determined not only by  wedge 
design, but also by the speed of sound in both the wedge material and the tested object, the developer must 
take into account the speed of the wave propagation in a wedge material over the whole temperature range 
of transducers application. 
In this study we investigate the temperature dependence of the speed of longitudinal wave propagation in 10 
different materials in the range from -200 °C to 400 °C. The investigated materials belong to different material 
classes (ceramics, glass, as well as ferrous and non-ferrous metals) and are all temperature-resistant up to at 
least 600 °C, and therefore applicable as wedge materials in an ultrasonic transducer for use at extreme 
temperatures. 
 
Keywords: Ultrasonic Transducer, Speed of sound, Longitudinal Wave, Temperature 
 

1. INTRODUCTION 
 
Nowadays, the rapidly developing machining and energy industri es are often associated with 

extreme temperatures. At the same time, the constantly increasing safety standards require a non-
destructive testing as well as structural health monitoring of most industrial systems and mechanisms. 

Angle beam ultrasonic measurement is a commonly used method not only for non-destructive 
testing of parts, but also for precise non-immersive flow measurement of liquids [1]. In both cases the 
measurement process often demands knowledge about the applied irradiation angle, which can be 
simply calculated from the wedge angle and speed of wave propagation in both the wedge material 
and the tested object or liquid. But since the speed of sound depends on the temperature of the 
propagation medium, the changing temperature also affects the beam angle. Therefore, the 
development of an angle beam ultrasonic transducer for use at extreme temperatures must  be guided 
by precise knowledge of a temperature dependence of the speed of sound in a wedge material. 

Besides overall temperature stability of all transducer parts, all adjacent materials must exhibit 
similar thermal expansion to avoid cracking or decoupling during heating or cooling to the operation 
temperatures. Thus, the investigated wedge materials exhibit thermal resistivity up to at least 600 °C 
besides a wide range of coefficients of thermal expansion. 
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2. MATERIALS AND METHODS 

2.1 Materials 
The measurements were carried out on cylindric samples of each wedge material with room -

temperature-lengths L20 of 120±1 mm. Table 1 summarizes the investigated materials and their 
chemical compositions. 

 
Table 1 – Chemical composition of investigated wedge materials (wt. %) [2; 3; 4] 
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Al2O3 71 100 - - - - - - - - 

SiO2 29 - - - - - - - - - 

P2O5 - - 40-50 - - - - - - - 

BaO - - 30-40 - - - - - - - 

CaO - - 2-10 - - - - - - - 

B2O3 - - 2-10 - - - - - - - 

ZnO - - 0-2 - - - - - - - 

WO3 - - 0-2 - - - - - - - 

Sb2O3 - - 0-2 - - - - - - - 

Fe - - - 33 <3 5 1.5 54 - 4 

Ni - - - 37 57 57 >65 46 - 6 

Co - - - <3 <5 <2.5 <3 - - - 

Cr - - - 25 22 16 1.5 - - - 

Mo - - - <2.5 2 16 28.5 - - - 

W - - - <2.5 14 4 <3 - 80 90 

Nb - - - 0.7 <0.5 - <0.2 - - - 

Mn - - - 0.7 <0.5 <1 <3 - - - 

Si - - - 0.6 0.4 <0.-08 <0.1 - - - 

N - - - 0.2 - - - - - - 

Al - - - 0.1 0.3 - <0.5 - - - 

C - - - 0.05 0.1 <0.5 <0.01 - - - 

B - - - 0.005 <0.015 - - - - - 

Ti - - - - <0.1 - <0.2 - - - 

La - - - - 0.02 - - - - - 

V - - - - - <0.35 <0.2 - - - 

Cu - - - - - <0.5 <0.2 - 20 - 

Ta - - - - - - <0.2 - - - 

Zr - - - - - - <0.01 - - - 
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2.2 Measurement setup and calculation method 
To generate a longitudinal ultrasonic impulse on one end of a specimen we used a high temperature 

resistant piezo-crystal lithium niobate LiNbO3 (Curie-point at 1210 °C [6]) with the center frequency 
of 2 MHz. The time of flight  t of a longitudinal wave in each material at different temperatures (from 
-200 °C to 400 °C) was measured using the pulse-echo method. Fig. 1 represents the scheme of an 
experimental setup. 

To cool the specimens down to -196 °C we immersed the experimental setup shown in Fig. 1 into 
a liquid nitrogen, which served at the same time as an acoustic couplant between the piezo material 
and the measured part. For performing the high temperature measurements, we used the ether 
Santovac® 5 as a couplant and heated the specimens in the standard atmosphere using a muffle furnace 
Heraeus thermicon® P. 

 

 
Figure 1 – Experimental setup 

 
The temperature dependent length LT of each sample at each measurement temperature T is 

estimated relative to the measured length of each sample at 20  °C, L20 by using the thermal expansion 
coefficients, CTE listed in Table 2: 

 
 

 
(1) 

Table 2 – Coefficients of thermal expansion of investigated wedge materials (10-6K-1) [3; 4; 7-10] 
and their possible piezo partners with matching CTEs [11-15] 
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Based on Eq. 1, the speed C of longitudinal wave propagation was calculated by: 
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(2) 

 
Table 2 bottom shows possible high temperature resistant piezo -materials, which fit the CTE of 

the respective wedge material in Table 2 top for a temperature range between 20  °C to 400  °C. As 
explained in the introduction, matching CTEs of piezo and wedge material are the key for a durable 
extreme temperature transducer operation. 

 

3. EXPERIMENTAL RESULTS AND DISCUSSION 
A representative example of an ultrasonic measurement of time of flight is shown on fig. 2. 
 

 
Figure 2 – Example of a measurement on S-PHM52 at 24 °C (top) and 285 °C 

 
It becomes obvious that the higher temperature of the propagation medium increases the time of 

flight of an ultrasonic signal not only because of a thermal expansion of a specimen but also due to a 
decrease of its propagation speed caused especially by a reduction of the elasticity modulus: 

 (3) 

where C is a speed of longitudinal wave propagation in a solid medium; E – modulus of elasticity; 
ρ – density and v – Poisson’s ratio of a propagation medium. Since the elasticity modulus of most 
materials decreases with increasing temperature much stronger than their density, the speed of sound 
is expected to decrease as well. 

Besides the backwall echo being used to measure the time of flight, multiple following echoes – 
so called trailing echoes – appear on the ultrasonic images (Fig. 2) due to wave transformation on the 
side wall of a specimen [16]. 

As mentioned in Section 2.2, the acoustical coupling at high temperatures was carried out using a 
polyphenyl ether Santovac® 5 , which already starts to evaporate at 250 -300 °C. Therefore, the 
magnitude of the received signal strongly decreases at higher temperatures and, as a result, the 
detection of a backwall echo requires a higher gain. That leads to an increase in the relative magnitude 
of acoustical noises and disturbances (Fig. 2, on the bottom). 

4757



 

 

 

Figure 3 – Experimental results of the temperature dependence of longitudinal wave propagation 
in investigated materials 

 
The diagrams in Fig. 3 show the results of an investigation of a speed of the longitudinal wave 

propagation in the chosen materials within the temperature range from -200 °C to 600 °C. The curves 
on the left diagram represent the temperature dependence of the speed of sound in Ni/Fe/Cr-based 
alloys with a quite characteristic temperature behavior of such metals – starting at 5700-5800 m/s at 
room temperature, the curves have a slope of ca. 0.5 m/s·K. 

The ceramic materials (Fig. 3 on the right) have much higher values of speed of sound (up to 7330 
m/s for alumina and 10620 m/s for mullite) because of their high elasticity moduli (Ealumina = 403 GPa, 
Emullite = 227.5 GPa at 20 °C [17]) in conjunction with low densities (ρalumina = 3.99 g/cm3, ρmullite = 
3.16 g/cm3 [17]). Additionally, alumina has the lowest decrease rate among all the investigated 
materials: the measured speed of sound has a slope of only approx. 0.2 m/s·K. 

The very high density of W80Cu (15.2 g/cm3 [5]) results in very low speeds of sound (Fig. 3 on 
the right) between 4810 m/s and 4660 m/s.  However, the speed of sound in another tungsten-based 
alloy W90NiFe, despite of its even higher density (17 g/cm3 [4]), is significantly higher because of 
its much higher modulus of elasticity (340 GPa [4] compared to 235 GPa for W80Cu [5]). 

As can be seen in Fig. 3, the glass material S-PHM52 could not be investigated at -196 °C: the 
immersion process into liquid nitrogen caused temperature gradients, which inevitably lead to a 
cracking of the glass due to its low resistance to thermal shock resulting from its fragility in 
combination with a relatively high CTE (see Table 2). Fig. 3 presents a cracked glass specimen after 
a failed low-temperature measurement. The high sensibility of this glass material speaks against its 
application as a wedge material in a high-temperature-resistant ultrasonic transducer. 

 

 
Figure 4 – A specimen of the glass S-PHM52 after a failure during cooling in liquid nitrogen (left) 

and its comparison to an intact specimen (right) 
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While the most materials investigated in this work have a nearly linear relation between speed of 
sound and temperature, the FeNi46 alloy shows in the range from 300 °C a significant slowing of a 
decrease rate above 300 °C (Fig. 3 on the right and Fig. 5). This phenomenon can be explained by the 
magnetostriction of iron-nickel alloys [18] resulting in an accelerating decrease of the density of 
FeNi46 from ca. 300 °C and thus the decelerating decrease of the speed of sound (Eq. 3). 

  

 
Figure 5 – Temperature dependences of the speed of sound (black squares,  left vertical axis) and 

the density (empty squares, right vertical axis) of FeNi46 [9]. 

 

4. CONCLUSIONS 
In the current study, we have investigated the speed of longitudinal wave propagation in several 

solids which can be used as wedge materials in a high-temperature-resistant ultrasonic transducer in 
temperature interval from -200 °C to 400 °C. The research has shown that the most of investigated 
materials, except the temperature-sensible glass S-PHM52, are suitable for application as a wedge 
material at extreme temperatures. The speed of sound in most investigated materials decreases evenly 
with increasing temperature, while the decrease rate varies from 0,2 to 1 m/s·K depending on material. 
However, we have noted and explained the pronounced non-linearity of a dependence of speed of 
sound on temperature in the magnetostrictive FeNi46.  Additionally, we have found that the major 
effect on thermal change of the speed of wave propagation is provided by a change of elastic properties, 
whereas the influence of a density change on the speed of sound is only rarely significant. 
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ABSTRACT 
Reinforced concrete is of vital importance in many civil and industrial structural applications. Corrosion or 
other interface deboning in steel-concrete is a typical failure mode during the long service period of the 
structures, which can severely reduce the load-bearing capacity. Higher-Harmonic-Generation (HHG) have 
been used to detecting the onset of microcracking due to steel corrosion in model reinforced concrete 
elements.  The specimens were of prismatic shape with a single steel rebar. The corrosion was forced by 
admixing an appropriate amount of sodium chloride at the moment of preparing the concrete mix, and by the 
application of an electric field, using a constant current density power source.  The results indicate that the 
onset of cracking  seems to be accompanied by the appearance of higher-harmonic generation at the output 
signal, when the system is excited by means of an ultrasound wave. 
 
Keywords: Non-Linear Ultrasonic Test, Cracks, Corrosion 

1. INTRODUCTION 
A review on non-linear ultrasonic techniques for non-destructive assessment of micro-damage in a 

material can be found in [1]. Some of these techniques are based on changes in the resonance 
frequency (spectroscopy) [2] or on the generation of higher order harmonics [3]. In particular, 
harmonic generation relies on the generation of higher harmonics whose amplitude is directly linked to 
the damage occurrence. In brief, the degradation of a material is linked to a non-linear mechanical 
behavior of it so that as the micro-damage grows, non-linearity increases. As a result, when an 
ultrasonic wave propagates through the material an interaction with these microstructural changes 
induces the generation of nonlinear terms linked to these higher order waves. Many authors have 
successfully used this technique to characterize the damage of granite samples subjected to 
compressive loadings [4], to investigate thermal damage in sandstone [5], or for in situ real time 
monitoring of load-induced damage in concrete [6]. Accordingly, given the potential of this technique 
in terms of early damage detection it was found worth investigating its applicability to the study of 
micro-cracking induced by corrosion processes in concrete. 

This work shows some preliminary results on the use of a non-linear ultrasonic technique based on 
harmonic generation to study the micro-cracks produced in reinforced cement mortar under forced 
steel corrosion. For this purpose, several prismatic reinforced cement mortar specimens were prepared 
and subjected to a forced corrosion test that accelerated the damage.  

Preliminary results indicate that the use of a non-linear ultrasonic technique can be very useful for 
the early damage detection and durability assessment of corroded cement-based structures.  

This paper is organized as follows: Firstly, the materials used in this work and how they are 
prepared and damaged (corrosion test) are described. Secondly, the ultrasonic methods (linear and 
nonlinear) and the experimental setup are explained. Finally, some results are exposed and discussed 
and at the end a brief conclusion is presented. 
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2. MATERIAL 

2.1 Sample preparation 
The experimental tests were performed over two sets of three prismatic reinforced cement mortar 

specimens having the same dimensions and composition. The choice of cement mortar instead of 
concrete as experimental basis was expected to ensure a better adhesion in the steel -mortar interface 
besides reducing the heterogeneities different that the micro-cracking to be induced by the corrosion 
phenomena.  

First, the cement mortar was prepared mixing a standard siliceous sand aggregate and a sulphate 
resisting ordinary Portland cement, CEM I 52.5 R-SR 3, in accordance with the UNE-EN 197-1 
standard [7]. A kneading process was then performed mixing the cement mortar with sodium chloride 
dissolved in water, being the Water/Cement (W/C) ratio used 0.5. The chloride sodium let obtain a 2% 
Cl- relative to the cement weight in the hardened mortar and thereby accelerate the corrosion process. 
In a following step, the cement mortar mix was arranged in 100 x 100 x 350 mm3 plastic moulds for 24 
hours before being extracted for mechanical compaction and curing during 7 days in a humidity 
chamber at 20 ºC and 95 % relative humidity. Each of these moulds allowed centre -crossing a steel 
rebar of 12 mm in diameter along each sample 10 mm beneath its upper surface. The steel rebars were 
previously weighted and cleaned from native corrosion products following a recommendation 
procedure [8], covering the ends with vinyl electric tape to avoid the steel-mortar-air interaction. This 
layout was chosen so as to favour the micro-cracking produced by the corrosion process to emerge on 
the upper surface of the samples and thus ease the monitoring of the micro-crack width growth over 
time using a microscope. The preparation data of the cement mortar mix is given in Table 1.  

 
Table 1 – Composition of the Cement Mortar 

Material Amount (g) 

Cement (CEM I 52,5 R SR(3)) 450 

Standard siliceous sand 1350 

Deionized water 225 (w/c = 0.5) 

NaCl 14.8 (2% Cl- relative to cement weight) 
 
Photographs of the sample preparation process and the final process are shown in Fig. 1 and 2.  
 
 

  
 

Figure 1 – Left: Preparation process. Right: Sample prepared. 
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Figure 2 – Dimensions of samples 
 

2.2 Forced Corrosion Test 
The forced corrosion test was performed by using an electrophoretic power source that applied of a 

constant current density of 40 μA/cm2 between the steel rebar (anode) and an external galvanized steel 
grid (cathode) placed in the bottom of the specimens. Samples were partially submerged (5 mm height) 
in a recipient filled with tap water so as to keep an appropriate electric conductivity throughout the 
material, a polypropylene sponge being used between these and the steel grid. The forced corrosion 
test was then performed over each of the sets above described, the duration of the experiment being of 
23 days for each set. Given that the electrophoretic power source provided a constant current density, 
it was possible to corrode three specimens simultaneously in a single test by connecting these in series. 
The tests were performed under pseudo-controlled conditions with a relative humidity of 84±4% and a 
temperature of 23±1ºC to minimize the influence of additional factors on the measurements. Fig. 3 
shows an image of the forced corrosion test. 

 

 
 

Figure 3 – Experimental setup of the forced corrosion test 

3. METHODS 

3.1 Ultrasonic Pulse Velocity (UPV) test  
Ultrasonic Pulse Velocity (UPV) test is a linear technique that allows determining the ultrasonic 

wave velocity through a given material from the transit time of a pulse between separate emitting and 
receiving transducers. This test is normally used to detect the presence of defects or cracks in concrete 
in a simple manner: the lowering of the velocity of the ultrasonic pulse relative to a reference state (i. 
e. undamaged conditions) indicates the presence of cracks. Moreover, this method can also provide 
information regarding the attenuation of concrete and be helpful in the determination of its elastic 
properties. A detailed description on the application of this  measurement procedure to concrete 
materials can be found in the standard ASTM C597-16 [9].  

Despite being considered a very extended technique to assess the quality of concrete, it is less 
sensitive to micro-cracks and therefore to early damage detection that the non-linear technique to be 
described next. 
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3.2 Non-linear Ultrasonic Test 
The non-linear technique used in the present study is based on the harmonic generation in standing 

waves [5]. In this test, two transducers are placed opposite each other on both sides of a finite solid 
material, a purely sinusoidal wave being generated until standing wave conditions are achieved. The 
non-linear elastic response of the solid medium is responsible for the distortion of this wave and the 
higher harmonic generation, whose magnitude depends on the elastic properties thereof. Whil e these 
elastic properties slightly change in the early stage of a damage process, the harmonic generation is 
sensitive to defects whose sizes are smaller than the wavelength of the emitted signal (e. g. 
micro-cracks), thus making this method more useful when compared to the UPV test. 

Harmonic generation can be determined by examining the amplitudes of the fundamental and 
harmonic frequencies in the frequency spectrum of the received signal. Assuming that the changes in 
the wave propagation velocity and the attenuation are small, the parameters of non-linearity can be 
approximated as Bn = A2/A1

2, and Bpn = A3/A1
3  A1 ,A3 and A2being the amplitudes of the 

fundamental and second harmonic waves, respectively. In practice, the variation of this ratio relative to 
initial undamaged conditions is used as an indicator of the micro-structural damage [3]. The main 
advantage of the standing wave method when compared to the propagative one is that it can be used 
even for specimens whose thickness is smaller than the wavelengths of the fundamental and second 
harmonic waves. In short, this non-linear technique is expected to be more sensitive to microscale 
damage than the linear method above described, as it will be shown in section 3 (results) .  

 

3.3 Experimental Setup 
The experimental setup developed to perform both the linear and non-linear ultrasonic tests over 

the prepared specimens is described next. A custom-made application was implemented using the 
system-design development software LabVIEW© (see fig.4). 

 

Figure 4 – Custom-made application implemented using software LabVIEW™ 

 
The application was run using the acquisition platform NI USB 6361, whose sampling frequency 

was set to 2 MHz.  
Figure 5 shows the positions of the transducers transmitters and receivers used. Table 2 completes 

the information indicating which transducer acts as an emitter and as a receiver. 
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Figure 5 – Position of the transducers in each of the configurations studied 

 

Table 2 – Configurations studied 

Configuration 
Transducer  

E/R 

C1 E1/R1 

C1I E1/R1 

C2 E2/R2 

C3 E3/R3 

C4 E4/R4 
 
For each configuration a 30 kHz sinusoidal signal was sent to a FS WMA-100 amplifier and then to 

the emitter transducer, using different peak input voltages from 120 to 200 V in 10 V steps to fed the 
transducer. Both the emitter and the receiver transducers (Dakel IDK-09) [10] were glued to each end 
of the reinforced cement mortar specimens, the received signal being amplified using the signal 
conditioner B&K 2693-A-0F4 and sent to the acquisition platform.  

For the CiI configuration, the emitter transducer was supplied with two tones at the same time (f1 = 
30kHZ, f2 = 2kHz). A scheme of the experimental setup used for the ultrasonic measurements is shown 
in Fig. 6. 

 

 
 

Figure 6 – Experimental setup used for the ultrasonic measurements 
A Hanning/Hann/rectangular window was applied to the steady state interval of the received 

signal, the Fourier transform being used to obtain the frequency spectrum of the windowed signal. It is 
then straightforward to obtain the amplitudes of the fundamental (30 kHz) and second harmonic (60 
kHz) from this spectrum  

Both the linear and non-linear ultrasonic measurements were performed at intervals of 12 hours 
over the 23 days that the forced corrosion test lasted (except weekends).  
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4. RESULTS  

4.1 Microscopic Data 
In addition to the ultrasonic tests, microscopic photographs on the upper surface of the samples 

were taken throughout the whole experiment so as to assess the crack width growth as a function of the 
corrosion rate. Evolution of the size of the crack is shown in Fig. 7. 

 

 
20 μm  

30 μm 

 

40 μm 

 

60 μm 
 

Figure 7 – Evolution of the size of the crack 
 

4.2 Ultrasonic Test 
Some significant results are shown. Figure 8 -Left shows the frequency response of the records 

made with the configuration C1 in measures 1, 10 and 11, when the transducer is excited whit 120 V. It 
can be seen that the fundamental amplitude (A1) decreases at the same time as the amplitude of the 
second and third harmonics (A2 and A3) decreases. In the 7-Right figure, the variation of the 
parameters Bn and Bpn with the measurements is shown. An increase of these parameters in the M9 is 
noticed. Since the fissure becomes visible one or two days after this growth, it can be assumed that it 
has been caused by the damage of the material related to the corrosion process.  In figures 9 the same 
representations are made for a voltage of 190 V.  

  
Figure 8 –Left: Frequency response of the records made with the configuration C1 in measures 1,10 

and 11, when the transducer is excited whit 120 V. Right : Evolution of the parameters Bn and Bpn 
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Figure 9 –Left: Frequency response of the records made with the configuration C1 in measures 1,10 
and 11, when the transducer is excited whit 180 V. Right : Evolution of the parameters Bn and Bpn 

 
Figure 10 presents the frequency response for the CiI configuration when the emitter transducer 

was supplied with two tones at the same time (f1 = 30kHZ, f2 = 2kHz) being excited with 180 volts. It 
can be seen that the amplitude of the products of intermodulation distortion (frequencies 32, 28, 34 and 
26 KHz) increases from measure M1 to M12  

 
 

Figure 10 – Frequency response for the CII configuration: The emitter transducer was supplied with two 

tones at the same time (f1 = 30kHZ, f2 = 2kHz) being excited with 180 volts  

5. CONCLUSIONS 

The preliminary results that are obtained in this work indicate that it is possible to detect 

micro-cracking of reinforced mortar specimens due to corrosion using higher-harmonic generation. 

The non-linear ultrasonic measurements yield similar values of times for cracking, as compared to the 

microscopic observations of the mortar surface. However, these are preliminary results and it is 

necessary further research. 
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ABSTRACT 
The stability of the floating object is a key factor in near-field acoustic levitation, which has an extensive 
application prospect in manufacturing of micro-electromechanical system parts. This study presents a 
numerical study of the restoring force based on the theory of gas film lubrication. Finite difference scheme 
is used to solve the Reynolds equation considering the movement of reflector and to obtain the air pressure 
distribution. After coordinate transformation, the restoring force which acts on the levitator can be acquired. 
An experimental rig is constructed to measure the restoring force with different eccentricity. The 
experimental results show that the restoring force increases with the increase of eccentricity. The numerical 
results match well with experimental results. 
 
Keywords: Acoustic levitation; Eccentricity; Restoring force 

1. INTRODUCTION 
Recently, near-field acoustic levitation (NFAL) technology has been rapidly developed. Comparing with 

the traditional non-contact levitation technology, such as air cushion (1) and magnetic system (2), NFAL 
system is a very compact system, which don’t need an additional air compressor to provide high pressure air 
and don’t produce an undesirable magnetic field. However, the manufacture and installation error will 
produce the acoustic viscous force caused by the gradient of the sound field in the fluid, which will affect the 
stability of floating object (3). Owing to the existence of the viscous force, if the floating object has a little 
eccentricity, it will push the object toward center, which is also called restoring force. In 2000, Koike et. al 
(4) used the block-spring model to evaluate the stability and calculated acoustic viscous forces in two 
direction based on the theory of the near-boundary acoustic streaming. Li et. al (5) pointed out that the block-
spring system model can only treat small amplitude oscillation because of its linear approximation. They 
used Stokes micro-continuum theory and acoustic radiation potential method to solve the restoring force. 
However, the corresponding experimental results were not given in that paper.  

This paper introduces a suggested method to acquire the restoring force when centers between radiator 
plate and reflector plate are misaligned. At first, an updated Reynolds Equation which considering the 
movement of reflector is derived based on the gas film lubrication. After coupled the gas film thickness and 
Reynolds Equation, the pressure distribution can be acquired by using finite difference methods (FDM). 
Secondly, the shear force which produced by pressure gradient can be decomposed into reflector. In the 
meantime, the experimental setup has been built to verify the relationship between eccentricity and restoring 
force.  

2. GOVERNING EQUATION 

2.1 Reynolds Equation 
For a symmetrical model, which means centers of radiator and reflector are concentric, the reflector 

will keep equilibrium in horizontal direction. However, in this study, the centers between radiator 
plate and reflector plate are misaligned. The distance between them is called eccentricity and is 
defined as e, as shown in Figure 1. In this condition, the reflector will do a damping oscillation in the 
horizontal direction until it stops at the equilibrium position. In order to simplify the numerical model, 
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the effect of inclination will be neglected in this study. 

 
Figure 1 – Misaligned squeeze film model in the cylindrical coordinate 

Some assumptions are introduced to simplify the momentum equations. First of all, since the radius of 
the plate L is considerably greater than the mean thickness of the air film h0, the pressure gradient in the film 
thickness direction can be neglected (6). Secondly, this squeeze film is assumed as isothermal film (7). 
Meantime, the fluid inertia force and body force compared with the viscous force can be neglected in the 
lower Reynolds number (8). Therefore, the momentum equations in the r- and θ-direction reduced to (9) 
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where rv  and v  are the airflow velocity in the r- and θ-direction, a  is the air dynamic viscosity, 
and , p  are the density and pressure of the air in the squeeze film, respectively. Assuming no 
relative slip between the air and the bottom surface of the reflector,  for laminar flow, velocity profile 
in the r- and θ-directions derived from equation (1) are (10) 
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where u  and  are the reflector relative horizontal displacement and rotational angle, and h  is the 
film thickness. Combined the airflow velocity expression and the continuity equation, the Reynolds 
equation in cylindrical coordinate system can be expressed as 
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2.2 Boundary Conditions 
Since the reflector will do a damping oscillation in the horizontal direction, the connection line between 

O  and 1O  can be set as x-axis, as shown in Figure 2. The whole solving domain  contains two parts: 
squeeze domain s  and no squeeze domain n . The domain  is decided by the radius L and closed by 
boundary Γ r L  . The squeeze domain boundary s  which represented by heavy line in Figure 2 can 

be expressed by 2 2
s r L (e sin ) e cos L . 

Therefore, the thickness of the air film in squeeze domain can be expressed by 
 0 0h h Z r sin wt ,  (4) 
where 0  and Z r  are the maximum vibration amplitude and mode shape of the radiator in Figure 1, 
respectively. The pressure in no squeeze domain always equals to the ambient pressure, which means 
 s ap p .  (5) 
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The boundary Γ contact with the ambient air means 
 ap p .  (6) 

The pressure gradient at the center O is zero, which means
 / ( 0, ) 0p r r t .  (7) 

At the beginning, the reflector plate still placed in the radiator, the film thickness equals zero, and the 
pressure equals to atmosphere pressure. Thus, 
 ( , 0) , ( , 0) 0ap r t p h r t .  (8) 

Combined the finite difference methods with Newton-Raphson method, the pressure distribution within 
the solving domain can be obtained (11, 12). 

 
Figure 2 – Schematic diagram of the boundary condition  

2.3 Motion Equations 
Three types force which caused by squeeze film are applied on reflector: levitation force zF , horizontal 

thrust force tF muu   and rotational moment 2 / 2tM mL / 2  . The forces which calculated in the polar 
coordinate O  need to decomposed to polar coordinate 1O , as shown in Figure 3. Since the solving domain 
and boundary conditions are symmetry about x-axis, the pressure distribution will be also symmetric about 
the x-axis. Thus, the rotational moment rM  will equals to zero and thrust force tF  points to positive x-
direction. Shear stresses zr  and z  are produced by air flow in r- and θ-direction acting on a surface 
normal to the z-axis. In the coordinate 1O , both zr  and z  have one component in r1- and θ1-direction, 
respectively. Thus, the thrust force tF  can be expressed by 

 
2

0 0

L

t zr 1 z 1 1F - cos( ) sin( ) r cos( )drd .  (9) 

The position of N in coordinate 1O  can be expressed by 

 2 2
1 11r r e 2recos , arcsin e sin / r .  (10) 

For a Newtonian fluid, combined equation (2) with the shear stresses in the flow acting on a surface 
normal to the z-axis in cylindrical coordinate, the expression for the shear stress on the bottom surface of the 
reflector are expressed as 
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Equation (11) shows the shear stress mainly depends on pressure gradient and the relative movement of 
reflector. The levitation force zF  is the integral of pressure in the solving domain, which is given by 

 
2

0 0
( )
L

z aF p p rdrd .  (12) 

 

Figure 3 – Geometric diagram for the resolution of shear forces 

3. EXPERIMENTAL VALIDATION 

 
Figure 4 – Schematic diagram of experimental test system 

Based on the same transducer and radiator in reference (12), a new reflector plate is used to measure the 
relationship between eccentricity and restoring force. It made of AL2024 and has the same diameter as 
radiator which is 120 mm. The thickness and gravity of this plate are 3 mm and 0.9244 N, respectively. 
Reference the experimental measurement method (13), a universal tilting indexing disc is used to 
approximately measure the restoring force. A schematic diagram of the experimental setup is shown in Figure 
4. It includes a universal tilting indexing disc, transducer and the corresponding control unit, as well as a 
digital single-lens reflex camera for monitoring the levitation performance of the plate. The transducer was 
fixed on the universal tilting indexing disc, which can be tilted in a certain angle  by adjusting the control 
system. Therefore, the eccentricity e is adjusted until the restoring force and the gravity component balanced 
each other, which means sintF mg . 
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4. RESULTS 

4.1 Pressure Distribution 
Figure 5 shows the pressure distribution in radiator coordinate O  at the start time of one stable cycle. 

The excitation amplitude, levitation force and eccentricity are 16 μm, 0.9244 N and 10 mm, respectively. The 
radiator works in second order vibration mode and the excitation frequency is 19 kHz. Note that the shape of 
pressure is corresponding with the mode shape in the squeeze domain s . The reason for this is that the 
vibration mode shape is one boundary condition to accurate the gas film thickness. If the eccentricity equals 
to zero, the pressure distribution will be symmetrical in squeeze domain as shown in reference (12) and the 
reflector will keep stable situation. In the non-squeeze domain n , the pressure value equals to 1, which 
means the pressure equals to atmospheric pressure. 

 

Figure 5 – Pressure distribution in solving domain 

4.2 Eccentricity 

 
Figure 6 – Comparison of the restoring force versus eccentricity 

In general, eccentricity is the most important factor which affect the restoring force distribution. Thus, the 
influence of the eccentricity e on restoring force is shown in Figure 6. The hollow and solid dot denote the 
numerical and experimental result, respectively. Notably, the numerical results exhibit reasonably good 
agreement with the experimental results in lower eccentricity. Since the calculation with the assumption of 
the inclination of reflector is neglectful. In the lower eccentricity, this assumption is acceptable. However,  
with the increase of eccentricity, the inclination is a very important factor which affect the stability of reflector. 
In two different excitation amplitude, the restoring force increases with the increase of eccentricity. It is noted 
that the increase gradient will be decrease with the eccentricity increases. The same variation tendency has 
also been reported in reference (3). 
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5. CONCLUSIONS 
This study presents a novel theoretical analysis method for calculating the restoring force based on gas 

film lubrication theory. At first, an updated Reynolds Equation which considering the movement of reflector 
is derived. Combined with the levitation height, the pressure distribution can be acquired by using Finite 
Difference Methods. Secondly, by using the coordinate transformation, the restoring force acting on the 
reflector can be calculated. Numerical results show that the restoring force increases as the increasing of 
eccentricity and the relationship between them is nonlinear. Meanwhile, the experimental setup which used 
to prove this relationship is built. The numerical experimental results show good agreement with the 
experimental numerical results, which means the method is effective for predict the stability of NFAL system. 

ACKNOWLEDGEMENTS 
The authors acknowledge the support from China Scholarship Council (CSC) (File No. 201808340068). 

Meantime, the authors would like to acknowledge Dr. Kai Feng, Professor at Hunan University, China, for 
valuable suggestions and support on the experiment. 

REFERENCES 
1. Erzincanli F, Sharp J. M, Erhal S. Design and operational considerations of a non-contact robotic handling 

system for non-rigid materials. Int J Mach Tool Manu. 1998; 38(4):353-361. 
2. Kim O. S, Lee S. H, Han D.  C. Positioning performance and straightness error compensation of the 

magnetic levitation stage supported by the linear magnetic bearing. IEEE T Ind Electron. 2003;50(2):374-
378. 

3. Hu J. H, Nakamura K, Ueha S. Stability analysis of an acoustically levitated disk. IEEE T Ultrason Ferr. 
2003;50(2):117-127. 

4. Koike Y, Ueha S, Okonogi A, Amano T, Nakamura K. Suspension mechanism in near field acoustic 
levitation phenomenon. Ultrason, 2000 IEEE. 2000;1:671-674. 

5. Li J, Liu P., Ding H, Cao W. Nonlinear restoring forces and geometry influence on stability in near-field 
acoustic levitation. J Appl Phys. 2011;109(8):084518. 

6. Minikes A, Bucher I. Noncontacting lateral transportation using gas squeeze film generated by flexural 
traveling waves--numerical analysis. J Acoust Soc Am. 2003;113(5):2464-2473. 

7. Minikes A, Bucher I. Coupled dynamics of a squeeze-film levitated mass and a vibrating piezoelectric 
disc: numerical analysis and experimental study. J Sound Vib. 2003;263(2):241-268. 

8. Stolarski T, Chai W. Self-levitating sliding air contact. Int J Mech Sci. 2006;48(6):601-620. 
9. Mohite S. S, Sonti V. R, Pratap R. A compact squeeze-film model including inertia, compressibility, and 

rarefaction effects for perforated 3-D MEMS structures. J Microelectromech S. 2008;17(3):709-723. 
10. Gross W. A. Gas film lubrication. New York, USA: Wiley; 1962. p. 17-52. 
11. Heshmat H, Walowit J, Pinkus O. Analysis of gas-lubricated foil journal bearings. J. of Lubrication Tech. 

1983;105(4):647-655. 
12. Li W, Liu Y, Feng K. Modelling and experimental study on the influence of surface grooves on near-field 

acoustic levitation. TribolL Int. 2017;116:138-146. 
13. Koyama D, Nakamura K, Ueha S. A stator for a self-running, ultrasonically-levitated sliding stage. IEEE 

T Ultrason Ferr. 2007;54(11):2337-2343. 

4774



3D imaging method for an air-coupled 40 kHz ultrasound phased-array

Gianni ALLEVATO, Jan HINRICHS, Dominik GROSSKURTH, Matthias RUTSCH, Jan ADLER, Axel JÄGER,

Marius PESAVENTO and Mario KUPNIK

Technische Universtität Darmstadt, Germany, allevato@must.tu-darmstadt.de

Abstract
We present a three-dimensional far-field imaging method using an air-coupled 40 kHz 8×8 ultrasound phased-
array. A waveguide is attached to the array which reduces the aperture to 35mm×35mm and the inter-element
spacing to λ/2 for grating lobe free beamforming. Using transmit beamforming, a pulse echo detection is
performed sequentially for each direction of the discretized region of interest. All transducers are used for
pulse transmission and echo reception. The echo signals are FIR bandpass filtered and sinc-interpolated. The
conventional Delay-and-Sum beamformer generates a spatially filtered and summed echo signal. The envelopes
of the summed echo signals, extracted by Hilbert filters, are used for generating B-Scans and 3D C-Scans. The
signal processing and image generation is performed by a GPU using OpenGL. The imaging properties are
characterized in an anechoic chamber. The localization of objects is validated for a range of 0.5 to 6 m in a
vertical and horizontal field of view of ±50◦. The system is able to detect sound-absorbing objects and objects
hidden by obstacles. The implementation has limitations in frame rate and lateral resolution. In this context,
future optimization potentials are outlined.
Keywords: Air-coupled, Phased-Array, Imaging

1 INTRODUCTION
In the age of automation, sensors for 3D environmental monitoring are gaining increasing importance. These
sensors are typically based on LIDAR, RADAR and camera systems. Ultrasound phased-arrays for 3D imag-
ing are well established in medical imaging, sonar and NDT applications. However, automotive and robotic
applications usually require air-coupled ultrasound.
We present a 3D imaging method based on an air-coupled 64 channel ultrasound phased-array. In order to avoid
strong sound attenuation by the medium, we use efficient transducers at 40 kHz. As the dimensions of the trans-
ducers are too large (�10 mm) to form an array that meets the λ/2 criterion [1], we use a waveguide [2] based
on [3, 4] that reduces the inter-element spacing. This makes grating lobe free beamforming possible [5, 6].
The ultrasound-based method presented is a robust, flexible solution with low hardware requirements, which
complements the previously mentioned sensor systems.

2 SYSTEM OVERVIEW
The phased-array system consists of four main components, which are the phased-array itself, the analog elec-
tronics, an FPGA board with a Zynq 7010 System-on-Chip and a conventional PC (Figure 1).
The phased-array uses M = 64 ultrasound transducers (MA40S4S, Murata, Tokyo, Japan), with a resonant fre-
quency of 40 kHz. The transducers are arranged in an 8×8 uniform rectangular layout and are mounted on
a 3D-printed waveguide with 64 sound channels. This reduces the effective inter-element spacing to half the
wavelength (λ/2 = 4.3mm) and the effective aperture to 35mm×35mm (Figure 2).
The analog electronics is partitioned into eight identical subgroups. Each subgroup is dedicated to eight ul-
trasound transducers and contains one transducer pulser IC (HV7355, Microchip, Chandler, AZ, USA), two
TR-switches (TX810, Texas Instruments, Dallas, TX, USA), two variable gain amplifiers (AD8335, Analog De-
vices, Norwood, MA, USA) and one ADC (AD7761, Analog Devices, Norwood, MA, USA). The pulser IC
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receives a serial logic signal and generates eight controllable unipolar 40 kHz square-wave signals with an am-
plitude of 20 Vpp. These signals drive the ultrasound transducers. The TR-switches are used to switch between
transmitting and receiving electronics. With the VGA, the received signals of the transducer can be amplified
variably. Thus, the air attenuation of distant echoes can be compensated. The ADC digitizes the signals in
parallel with a sampling rate of 200 kHz per channel.
The Zynq 7010 SoC (Xilinx, San Jose, CA, USA) includes an FPGA and microcontroller in one package. The
FPGA is used to control the pulse echo sequence and to read the data of all ADCs in parallel. The data is
written to the DRAM, which is shared with the microcontroller. The microcontroller sends the data via Ethernet
to the PC and can likewise receive control commands.
The PC is required for system control via user interface, complete signal processing and visualization. The latter
two tasks are performed by the GPU (GTX1050TI, NVIDIA, Santa Clara, CA, USA). This enables parallel
processing, and, consequently, higher frame rates.
In summary, the system is suitable for transmit beamforming, receive beamforming, and, thus, also for pulse
echo operation. Next, the generation of an environmental image using several sequential pulse echo sequences
is described.
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Figure 1. Phased-Array-System components and interfaces.

λ

2

35 mm

35
m

m

Transducers

100 mm

W
av

eg
ui

de

Figure 2. Phased-Array with waveguide and electronics attached. The waveguide reduces the inter-element
spacing to λ/2 for grating lobe free beamforming. The analog electronics can switch between transmission and
reception mode. The FPGA board controls the analog electronics and sends the acquired raw data to a PC via
ethernet.
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3 THEORY OF OPERATION
In order to generate a volume image of the space in front of the phased-array, the region of interest is dis-
cretized into raster beams. For each raster beam, a pulse echo sequence is performed. The recorded pulse echo
sequence data of all transducers are processed and visualized in parallel. When all raster beams have been
handled, the generated image represents the echo sources in the region of interest. The individual procedures
are examined in detail in the following four sections.

3.1 Specification and discretization of the region of interest
The region of interest describes the section of space in front of the array which is to be represented in the
generated image. The specification and discretization is defined once at the very beginning of the imaging
process. All angles are specified for a spherical coordinate system [1], which simplifies uniform discretization
[Figure 3(a)]. The region of interest is characterized in terms of range of view and field of view. The range of
view Rview is determined by the time window Tview after the pulse transmission in which the transducer signals
are recorded, i.e.

Rview =
Tview · c

2
. (1)

The field of view is determined with the minimum and maximum azimuth angles αmin, αmax and elevation
angles εmin, εmax. By defining the angular step sizes αstep and εstep, the field of view is discretized into K ·G
raster beams, where

K =
αmax −αmin

αstep
+1 and G =

εmax − εmin

εstep
+1 (2)

are the number of azimuth and elevation angles, respectively [Figure 3(b)]. Each raster beam bk,g has a unique
direction defined by two angles αk, εg, i.e.

bk,g = [αk,εg], (3)
αk = αmin + k ·αstep, k = 0, . . . ,K −1, (4)
εg = εmin +g · εstep, g = 0, . . . ,G−1, (5)

where k and g are the indices of the azimuth and elevation angles, respectively.
The following pulse echo sequence, signal processing and visualization are repeated for all K ·G raster beams.
A single raster beam is selected in each repetition.
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Figure 3. (a) Used spherical coordinate system. A point is defined with the range r, elevation ε and azimuth α

angles. (b) Example region of interest raster with a field of view of αmin = εmin = −10◦, αmax = εmax = +10◦

and αstep = εstep = 1◦. The range of view is Rview = 1m. A total of 21 ·21 = 441 raster beams are generated.
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3.2 Pulse Echo Sequence
In the pulse echo sequence, a pulse is transmitted from the transceiver elements in the selected raster beam
direction using far-field transmit beamforming. The resulting echo signals are recorded. All transducers are
used for pulse transmission and echo reception. The sequence control for the transmission and reception is
mainly performed by the FPGA and microcontroller. The specific tasks are explained in detail in the next
paragraph.
First, the required time delays ∆tm of the transducer signals are calculated in order to send a pulse in the
selected raster beam direction bk,g, i.e.

∆tm =
1
c
·
[
xm sin(αk)cos(εg)+ ym sin(εg)

]
(6)

where αk, εg are the angles of the selected raster beam direction and xm, ym are the position of the m-th
transducer [7]. A common offset is added to the time delays ∆tm to prevent negative, acausal values. Second,
the individually time-delayed, unipolar 40kHz square-wave burst signals stx, m are generated for all transducers.
Each burst has a length of 40 periods and an amplitude of 20Vpp. After pulse transmission, all TR-switches are
switched to receive mode. Finally, the digitized, received signals of the transducers srx, m are read in parallel in
the time window Tview and sent to the PC.

3.3 Signal Processing
The PC receives the raw data of all transducers srx, m and buffers them into the GPU memory. The complete sig-
nal processing and visualization pipeline is performed by the GPU in parallel using OpenGL Compute Shaders.
The signal processing pipeline consists of parallel preprocessing blocks, the Delay-and-Sum beamformer (DAS)
and the envelope generator (Figure 4). All signal processing is performed in the time domain.
The bandpass filter is designed as an FIR filter with 176 filter taps, a center frequency of 40 kHz and a band-
width of 2 kHz using the window method [8]. The impulse response of the filter is convoluted with the input
signals.
Next, the signals are upsampled and interpolated by a factor of 25 using zero-stuffing and sinc-filtering [8]. This
interpolation step is required to reduce the smallest possible time delay for the Delay-and-Sum beamformer,
which improves the directional step size of the spatial filter.
The Delay-and-Sum beamformer delays the preprocessed signals according to (Equation 6) and then sums them
up into a single signal. The added time delays ensure that the echo pulse captured from the selected raster beam
direction is in-phase for all transducer signals. This results in a maximum echo amplitude during summation.
At the same time, interference echoes originating from other directions are suppressed. The Delay-and-Sum
beamformer therefore functions as a spatial filter [1].
Finally, the envelope senv(n) of the summed signal is determined. For this, the analytic signal ssum, a(n) is
computed and the complex absolute value is calculated, i.e.

ssum, a(n) = ssum(n)+ j · ssum(n)∗h(n), (7)
senv(n) = |ssum, a(n)| , (8)

where n is the sample index, j is the imaginary unit and h(n) is the time-discrete Hilbert transform [8]. The
computed envelope signal represents the echo amplitude from the selected raster beam direction. It is the basic
component of the following visualization.

Bandpass
Filter

Interpolation DAS Envelope... 64

Figure 4. Signal processing pipeline for generating a summed, spatial filtered echo signal using 64 raw trans-
ducer signals. The FIR bandpass filtering and interpolation are performed in parallel for all transducer signals.
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3.4 Visualization
In the visualization process, the horizontal sectional image (B-Scan) and the three-dimensional image (3D C-Scan)
of the region of interest are built up step by step with each new envelope (Figure 5).
First, the envelope is color-coded based on its amplitude and flattened. Next, it is positioned according to the
selected raster beam direction. In combination with the previously generated envelopes, a grid view is created.
After the scan conversion from spherical to cartesian coordinates, the grid view shows the correct positions of
the envelopes with respect to the real space. Finally, the gaps of the grid view are filled using linear image
interpolation.
The same steps are used to generate the 3D C-Scan. However, both the horizontal and the vertical angle are
considered for the positioning of the envelope. Additionally, alpha blending is used for image interpolation to
make only the high echo amplitudes visible. In the next section, the implemented imaging method is character-
ized.

Color code
& flatten

Position with 
respect to direction 

Scan
conversion

Image
interpolation

0.0 m

0.25 m

0.5 m

-40.0 ◦

-30.0 ◦

-20.0 ◦
-10.0 ◦0.0 ◦

10.0
◦

20.0
◦

30.0
◦

40.0
◦

R
an

ge

Azimuth

0.0 m

0.25 m

0.5 m

-40.0 ◦

-30.0 ◦

-20.0 ◦
-10.0 ◦0.0 ◦

10.0
◦

20.0
◦

30.0
◦

40.0
◦

R
an

ge

Azimuth

Figure 5. Visualization pipeline for generating a B-Scan. The envelope is color coded, flattened and positioned
according to its originating direction. After the scan conversion from spherical to cartesian coordinates, the grid
view represents the correct envelope positions. The grid view is linearly interpolated.

4 MEASUREMENT RESULTS
The phased-array and the imaging method are evaluated in an anechoic chamber with focus on the transmit and
receive characteristics, the lateral and axial resolution as well as the blind zone and maximum range.

4.1 Measurement setup
In the anechoic chamber the phased-array is mounted on two rotational axes at the end of a 6 m long rail
(Figure 6). On the rail, there is a movable slide on which different targets can be attached. Depending on
the measurement, an ultrasonic transducer, a calibrated microphone or two hollow steel spheres with a diameter
of 100 mm are used as targets. Using the rotational axes and the slide, the targets can be positioned freely
in the coordinate system of the phased-array. In order to make the measurement results comparable, the VGA
amplifies the recorded signals with a constant amplification factor of 46 dB in all measurements.

4.2 Transmit and receive characteristics
The transmit and receive characteristics provide information about the spatial sound distribution during transmit
beamforming and the spatial filter response of the Delay-and-Sum beamformer, respectively. Significant parame-
ters are the −3dB main lobe width and the side lobe level. The main lobe widths of both characteristics define
the separability of laterally adjacent echo sources, i.e. the lateral resolution. The side lobe levels determine
the relative amplitude of the resulting phantom reflections for a present echo source. The phantom reflections
degrade the overall image quality.
For measuring the transmit characteristic, the calibrated microphone is used as target and positioned at a distance
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Figure 6. Measurement setup in the anechoic chamber. The phased-array can be rotated mechanically with
two DOF using rotational axes. For the transmit characteristic measurement, the target is replaced with a cali-
brated microphone. For measuring the receive characteristic, the target is replaced with an ultrasound transducer.
Otherwise two spheres with a diameter of 100 mm are used.

of 2 m. The phased-array sequentially sends pulses to the direction (EL, AZ) = (0◦, 0◦) in the array coordinate
system. The microphone records the incoming sound pressure. After each transmission, the array is rotated
mechanically in 1◦ steps. The measurement is repeated until all angles of the field of view in Figure 7(a) have
been selected.
For the receive characteristic measurement, an ultrasonic transmitter is used as target and positioned at a distance
of 2 m. The transmitter sends a pulse to the phased-array, which is in receive-only mode. All ultrasound
transducers pick up this pulse and generate 64 signals. With this data set, the spatial Delay-and-Sum filter
sequentially generates the summed signal envelopes for all directions of the field of view in Figure 7(c).
The measurement results show an asymmetry in both characteristics. This is explained by the fact that the
properties of the individual transducers differ. First, there are deviations in the radiated signal power and the
receiving sensitivity. Second, there are variations in the resonant frequencies and phase responses. The 3 dB
mainlobe widths are 21◦ and 12◦, the maximum sidelobe level is −7.2 dB and −11.5 dB for the transmit and
receive characterisic, respectively. Next, the imaging properties are examined in a pulse echo scenario.

4.3 Axial and lateral resolution, blind zone and maximum range
In order to measure the axial and lateral resolution, two spheres are placed either axially or laterally next to
each other on a profile mounted on the slide. The distance d between the spheres is adjustable. B-scan images
are used to locate the two targets. The targets are defined as separable if there are two distinct local maxima.
The minimum distance dmin at which the spheres are seperable determines the axial resolution dres, ax or the
lateral resolution αres, lat [9], i.e.

dres, ax = dmin, ax, αres, lat = 2 · arctan
(

dmin, lat

2 · r

)
. (9)

The latter is specified as an angle, where r is the range between the phased-array and the profile. For the
measurement, the profile is positioned at a range of r = 3m and direction AZ 0◦, EL 0◦ (Figure 8).
The axial resolution is dres, ax = 20mm using a pulse length of 40 periods. If the length of the transmitted
pulse is reduced to 10 periods, the axial resolution improves to dres, ax = 15mm. However, due to the weaker
transmission amplitude when a shorter pulse is transmitted, the maximum detection range is reduced.
The lateral resolution is αres, lat = 12◦. At a range of r = 3 m, this corresponds to a minimum distance between
the spheres of dmin, lat = 0.63m. As the range r to the phased-array increases, the required distance dmin, lat
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Figure 7. (a) Measured transmit characteristic. (b) Horizontal section of a) at EL 0◦. (c) Measured receive
characteristic. (d) Horizontal section of c) at EL 0◦.
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Figure 8. (a) Axial resolution B-Scan of two 100 mm spheres located at AZ 0◦, EL 0◦, 2.8 m and 3.2 m, respec-
tively. (b) Axial section of the B-Scan in a) at AZ 0◦. (c) Lateral resolution B-Scan of two 100 mm spheres
located at 3 m, EL 0◦, AZ −7◦ and AZ 7◦, respectively. (d) Lateral section of the B-Scan in c) at 3.1 m.
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between the spheres for separability increases as well according to (Equation 9).
In the B-Scan images shown, there is a blind zone of up to 1 m. In this zone, the transmitted pulse and the
oscillation of the transducers masks incoming echoes. With a suitable amplitude scaling of the color bar for
close targets, echoes from a range of 0.5 m and above can still be detected. The blind zone defines the lower
limit of the echo detection.
The upper limit is determined by the attenuation of the medium, since amplitudes from distant echos are too
weak to be detected. The maximum detection distance is validated up to 6 m, which corresponds to the maxi-
mum length of the rail.

5 CONCLUSION
The air-coupled ultrasound imaging system presented can generate 2D B-Scans and 3D C-Scans in a horizontal
and vertical field of view of ±50◦ and a range of 0.5 up to 6 m. The system consists of custom electronics with
64 channels, an FPGA and microcontroller, as well as a PC. The GPU accelerated parallel signal processing
and visualization enables fast processing times.
The frame rates for a B-Scan (2 FPS) and a 3D C-Scan (0.1 FPS) are mainly limited by the sound propagation
time. For optimization of the frame rate, a single transducer can be used to transmit a spherical wave. This
way, echoes from all spatial directions are generated simultaneously with a single pulse.
Another main drawback is the lateral resolution of 12◦. To improve this, advanced direction of arrival estimators
will be evaluated in the future, for example techniques based on compressed sensing [10].
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ABSTRACT 
Purpose: High-Intensity ultrasound is being used for various applications in the latest consumer technology, 
including mid-air haptic feedback. International guidelines concerning maximum permissible levels (MPLs) 
for 40 kHz noise are contentious. This pilot audiometry study aimed to determine the immediate effects noise 
exposure at 40 kHz has on human hearing and to help inform concerns about noise exposure levels in future 
investigations. This study was conducted with cooperation from the NHS Occupational Health Service (UK) 
and was ethically approved by the Health Research Authority (HRA). Methods: 16 people (10 experiment, 6 
control) (ages 24-67 years) were exposed to high-intensity ultrasound emitted from a haptic device (40 kHz, 
SPL values ranging from 100-120 dB SPL) for 5 minutes. Pure Tone Audiometry (PTA) was conducted prior 
to and immediately after exposure. Results: PTA test indicate no significant change in hearing sensitivity at 
any of the tested frequencies (statistical power >80% in all cases, with 5 dB threshold shift set as a clinically 
significant risk factor). Conclusion: Further studies are required to consider different age groups and to 
consolidate appropriate sensitivity levels to high frequency sound. Initial results suggest levels as high as 120 
dB SPL could be used in future investigations.   
 
Keywords: Ultrasound, Audiometry, Hearing   

1. INTRODUCTION 
Exposure to loud audible noise can cause temporary threshold shifts (TTS), a recoverable loss in 

hearing sensitivity. Repeated occurrences of TTS can ultimately lead to permanent hearing loss (1). 
For ultrasonic noise, these audiological effects are normally only attributed to SPLs in excess of 145 
dB (2). To date, there has been no demonstration that 40 kHz ultrasound below 120 dB SPL has any 
effects on hearing (3). Nonetheless, ultrasound SPL in excess of 110 dB has been known to cause 
subjective effects in humans, and it is for this reason that many international guidelines have adopted 
this as their maximum permissible level (MPL) for ultrasound exposure. Currently, there is debate over 
the standing of these guidelines, having been based on limited and outmoded data (4). Therefore, there 
is a strong scientific motivation for updating current knowledge about the effects of ultrasonic noise. 

Ultrahaptics is a technology that uses high-intensity 40 kHz ultrasound to produce mid-air haptic 
feedback (Figure 1). In order to achieve this, an array of transducers is focused at a point to produce an 
SPL in excess of 145 dB; a requirement for perceptible tactile sensation on the skin (5). This SPL drops 
significantly when away from the focus. 

 

 Figure 1 – Visualization of mid-air haptics using an array of ultrasonic transducers 

 
What is of particular interest in terms of safety, is whether the incidental ambient noise (away from 

the focal point and reaching the ear) produced from the array is of a level that might produce TTS. With 
regards to quantifying and defining hearing loss, a standard threshold shift (STS) has been defined by 
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OSHA as a 10 dB loss in hearing sensitivity (6,7). In contrast, threshold shifts greater than 5 dB can be 
considered of clinical relevance (8). Thus, this paper will need to demonstrate that the experiment had 
sufficient statistical power to detect a change as small as 5 dB. 

Collecting accurate and meaningful SPL measurements of ultrasonic noise is challenging; 
ultrasonic acoustic fields are highly variable in terms of spatial and temporal distribution. Moreover, 
complex interference patterns can be generated by multiple coherent sources (e.g. an Ultrahaptics 
array). In terms of occupational health and safety for workplace monitoring, there currently exists no 
international standard for performing ultrasonic noise measurements (9). Since a single stationary 
measurement is not appropriate, it has been recommended to use a statistical approach, reporting also 
on the measurement uncertainty. An AU frequency weighting has also been adopted (10) but only for 
audible noise measurements in the presence of ultrasound.  

This paper first describes measurements that were carried out to estimate the ambient SPL levels of 
mid-air haptics technology. It then describes a clinical trial that was conducted to determine if these 
noise levels would produce significant TTS within a general user-case scenario. 

  
 
 

2. METHODS 

2.1 SPL Estimates 
In order to estimate ultrasound exposure levels, measurements were made using a B&K head and 

torso simulator (HATS) equipped with a single TYPE 4191 microphone (in the left ear). A data 
acquisition system comprising of a Picoscope (DrDAQ, Pico Technology) was used to collect 
real-time SPL measurements with digital implementations of a microphone equalization filter and a 
1/3-octave band-pass filter centered at 40 kHz. SPL values were exponentially time weighted using a 
1s time constant; equivalent to the ‘SLOW’ setting on a standard sound level meter. 

As array output, a focal point was generated from the array at a height of 20 cm, centered over the 
array and tracing a 3 cm radius circle rotating at 100 rps. This is a typical output to create a circle 
haptic sensation. The HATS was kept approximately within ‘arms-length’ (~60cm) and was 
pseudo-randomly translated and rotated manually in the transverse plane. Results shown in Figure 2 
are illustrative of a typical SPL exposure (Leq = 118 dB SPL). Also shown are statistical measures 
L10,50 and 90 that describe levels as percentile thresholds. 

 
 

 
Figure 2 – (left) HATS setup with permissible motion paths. (right) SPL measurements (1/3-octave band , 

fc=40kHz) over time. Leq =118 dB, Lmax =125 dB, L10 = 122 dB, L50 = 116 dB, L90 = 111 dB. 

2.2 Audiometry 
Pure Tone Audiometry (PTA) was carried out at an NHS clinic (Avon Partnership Occupational 

Health Service). Prior to this experiment, ethical approval was obtained through the UK Health 
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Research Authority (HRA) by the Southwest Research Ethics Committee. The experimental design 
consisted of a simple before-and-after noise exposure comparison of PTA results. A total of 16 
participants (1 female, 15 males), ages [24-67], recruited from Ultrahaptics employees, were randomly 
split into experimental (ne=10) and control (nc=6) groups. All recruits were self-reported to be free of 
any underlying otological health issues and underwent a standard otoscopy examination to check for 
any blockages. 

For each participant, a baseline audiogram was produced from a PTA test (BILSOM CA850 Series 
3 Automatic Audiometer) which covered a standard test frequency range (500, 1k,2k,3k,4k,6k,8k) Hz 
in both left and right ears, separately. 

Baseline tests were followed immediately by 5 minutes exposure to an actively emitting 
Ultrahaptics array. For the control group, nothing was emitted but a LED indicator light continued to 
flash on the array, as in normal operation.  

Participants were instructed to sit at a table, arm’s length from the array, and to avoid leaning 
over/placing hands over the array (Figure 3). The setup aimed to mimic that of the HATS experiments 
for SPL estimates. All participants were supervised during this phase of the experiment to ensure 
conformity with safety aspects of the protocol.  

 

 

Figure 3 – (Left) anechoic chamber for PTA. (right) participant setup. 
 
 
After the noise exposure phase, an immediate second PTA was conducted. Additionally, 

participants were also given a private consultation from the audiologist about their general 
audiological health. All research data was assigned to an anonymous participant study ID number for 
subsequent analysis.  
 

 

2.3 Exclusions 
Data from one individual complaining of moderate tinnitus after the baseline test was excluded 

from this study (ne=9). In some cases, participants did not produce consistent responses to the PTA test 
at particular frequencies, despite a repeated attempt. This occurred in both baseline and second 
audiograms, across both experimental and control groups. Due to testing constraints, these data points 
were dropped; in total 6 data points were omitted from the analysis. These were accounted for in 
subsequent statistical calculations with the appropriate value for sample number.  

 

3. RESULTS 
 
The box-plot in Figure 4 amalgamates all baseline audiograms of both experiment and control 

group, in both left and right ears. Figure 5 and 6 depict the threshold shift (pre exposure audiogram 
subtracted from the post exposure audiogram) for control and experimental group respectively. Note 
that hearing loss is associated with positive values of threshold shift in these figures. 
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Figure 4- Box-plot of all baseline audiograms (experimental and control groups, left and right ears) 

 
 
 

 
Figure 5 – Shift in hearing threshold (second audiogram – baseline) for the control group 

 
Figure 6 – Shift in hearing threshold (post exposure – pre exposure) for the experimental group 
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3.1 Statistical Analysis 
A one-sided paired t-Test (α=0.05) was used to test the significance of the threshold shifts observed 

within the experimental group. The main hypothesis underlying this experiment can be stated as 
follows: 

 
Ho: Ultrasound Exposure has no effect on PTA results (𝜇o	=	0) 
Ha: Ultrasound Exposure causes a threshold shift (𝜇a	≥5	dB) 
  
Each PTA frequency was analyzed independently. Moreover, each ear (right and left) was 

accounted for individually, resulting in a total of 30 ears (18 experimental, 12 control). The t-statistic 
was calculated at each frequency using the pooled variance from both groups. In all cases, the P-value 
far exceeded 0.05, indicating that Ho could not be rejected (Table	1). However, this result alone does 
not rule out the possibility of some undetectable TTS having occurred due to the limitations of the 
experiment’s sensitivity. It is important to demonstrate that a significant TTS could be detected with a 
reliably high probability (i.e. statistical power) in the event it did occur. Conventionally, the minimum 
requirement for statistical power is 80%. Subsequent retrospective analysis indicated the ability of the 
experiment to detect a shift as low as 4 dB at all frequencies (for an STS of 10 dB, statistical power 
increased to 99.9%). 

 
Table 1 – P-value and mean threshold shift (experimental group) at each PTA frequency 

f (kHz) 0.5 1 2 3 4 6 8 

𝑇𝑇𝑆33333 -1.5 0.24 0.22 -0.56 -0.33 0.78 -1.56 

P 0.99 0.29 0.35 0.8 0.72 0.23 0.88 
 
  

4. DISCUSSION 

4.1 SPL Estimates 
It has been identified that the pinna/head related transfer function played an important role in 

ultrasound noise exposure as SPL levels varied greatly with head orientation (Figure 2).  The HATS 
used in this experiment possessed only one variant of a realistic human pinna model. Moreover, the 
simulated workstation experiment was restricted to a single plane of motion. It was also not practical 
to conduct exhaustive testing on all possible haptic focal point outputs from the array.  

It is important to note that in a real mid-air haptics user-case scenario, the ultrasound phased array 
output would be intermittent, switching on only to the presence of a hand. The hand itself would scatter 
the acoustic energy back towards the array. This would likely greatly reduce the overall Leq that would 
reach the ear. However, removing hand gesture interference from this scenario provided more 
consistency throughout the experiment. It is not yet clear if other statistical measures (Lmax, L90, L10, 
etc.) should also play a role in assessing risk factors to ultrasonic noise exposure. 

 

4.2 Audiometry 
Initial results suggest that high-intensity 40 kHz ultrasound of approximately 120 dB SPL does not 

contribute to TTS in standard PTA testing. However, there are several limitations to what can be 
concluded from this pilot study: 

 It was not practicable to refine recruitment for different age groups and/or demographics. Only 
one woman participated in the study, and no one under the age of twenty years old was tested; thus, 
potential vulnerable groups to ultrasonic noise were not adequately represented. 

 Intergroup comparison was not readily applicable due to the size and uneven distribution of age 
across the experimental and control groups. Moreover, the large age range is evident in the rapid 
increase in hearing thresholds above 4 kHz (Figure 4). Extended high-frequency PTA was not available 
at the audiometry clinic; however, it is clear that several participants would not have been able to 
complete a PTA test for frequencies above ~10 kHz, in any event.  

4787



 

 

PTA is heavily dependent on the test subject’s ability to maintain focus throughout testing. For this 
reason, repeated data acquisition attempts on the same person would likely reduce reaction time and 
test-retest reliability, rather than actually improve the statistical certainty of results. It was for this 
reason that missing data points were not exhaustively chased-up.  

Nevertheless, this study demonstrated the sensitivity to detect shifts as low as 4 dB using a 
relatively small sample size. An STS of 10 dB would have been detected with near statistical certainty. 
These results will help inform designs of future studies; it is likely that 5 dB TTS will be used as the 
benchmark for indications of hearing loss.  

5. FINAL REMARKS 
This experiment was conducted to ascertain what if any immediate effects high-intensity 40 kHz 

ultrasound has on hearing sensitivity. Results suggest that SPL levels of approximately 120 dB SPL 
does not contribute to TTS. It is hoped that these results can serve as a useful baseline in conducting 
future work that will include more controlled participation, with emphasis on potential vulnerable 
groups and testing using extended high-frequency PTA. 
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ABSTRACT 
Ultrasonic dust collectors collect particulate matter 2.5 μm or less in diameter by exploiting particle 
agglomeration. Strong aerial ultrasonic waves induce the vibration of fine particles, which causes collisions 
between particles resulting in agglomeration that increases the particle diameter. In this research, to improve 
the collection efficiency, an aerosol agglomerated with a standing wave field was formed by using a cylinder 
and a parallel reflector plate for an aerial ultrasonic sound source with a rigid wall. We investigated the effect 
of the sound source input power on the particle size and total number of particles. Irradiating the 
microparticles with ultrasonic waves decreased the total number of microparticles. The particle size 
distribution showed that the central diameter was 1.50 μm without ultrasonic irradiation and 2.65 μm when 
the input power was 20 W. These results confirmed that ultrasonic irradiation agglomerates fine particles. 
 
Keywords: Ultrasonic agglutination  Particle size distribution, Aerial ultrasonic wave 

1. INTRODUCTION 
Air pollution caused by smoke and soot is increasingly a major environmental problem. Sources of 

particulate matter include factory and car exhaust gases. Dust collectors remove fine particles, 
including particulate matter 2.5 μm or less in diameter (PM2.5), which cause adverse health effects, 
from exhaust gases. Ultrasonic dust collectors improve the dust collection efficiency of fine particles 
by using ultrasonic waves as a pretreatment to agglomerate fine particles before filtration. In 
ultrasonic agglomeration, ultrasonic waves induce large-amplitude vibrations in small fine particles 
and small-amplitude vibrations in large fine particles. The particle size of the fine particles is 
increased by the hard collisions of the fine particles, which promote agglomeration (1,2). 

Conventional ultrasonic wave aggregating apparatus cannot combine the sound field-forming part 
and the ultrasonic sound source, and the apparatus is large and contains a gap, so the ultrasonic waves 
cannot be transmitted efficiently to the fine particles (3,4). To improve dust collection efficiency by 
using aerial ultrasonic waves, we have been studying agglomerating PM2.5 by using a circular flexible 
diaphragm with a fixed circumference (5) and apparatus in which the sound field-forming part is 
combined with the ultrasonic sound source. We found that the rate of decrease in the concentration of 
fine particles due to ultrasonic agglomeration increases as the input power to the ultrasonic sound 
source increases. 

In this paper, we focus on fine particles during ultrasonic agglomeration. We investigate changes in 
the central diameter of fine particles at different input powers and the rate of decrease in the total 
number of fine particles. 

2. ULTRASONIC SOUND SOURCE AND AGGLOMERATION CHAMBER 
The cylindrical rigid-wall integrated sound source is shown in Figure 1. The sound source consists 

of a 28 kHz bolt-clamped Langevin vibration transducer, an exponential horn (amplitude enlargement 
ratio: 5.0; diameter of the thick end face: 42 mm; diameter of the thin end face: 8 mm; material: 
duralumin) for amplitude expansion, a transmission rod for resonance frequency adjustment, and a 
circumferentially fixed circular flexible diaphragm attached to the tip with bolts. The agglome ration 
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chamber consists of an acrylic cylinder bonded to a circumferentially fixed circular flexible diaphragm 
(height: 227 mm; inner diameter: 80 mm). Air containing fine particles is introduced via an inlet near 
the diaphragm of the agglomeration chamber, and air is discharged from an outlet on the parallel 
reflector. Figure 2 shows the vibration displacement of the circumferentially fixed circular flexural 
vibration plate measured with a laser Doppler vibrometer. The measurement conditions are a driving 
power of 1.0 W and a driving frequency of 28.0 kHz, and the measurement range is 45.5 mm in the 
circumferential direction with the center as the origin. The horizontal axis represents the distance from 
the center of the diaphragm to the circumference, and the vertical axis represents the vibration 
amplitude. The vibration is higher at the center, decreases toward the circumference, and no vibration 
occurs at the fixed end. The maximum amplitude of 3.5 μm occurs about 10 mm from the center. The 
amplitude at the center is low, which may be caused by the screw head of the drive point, which limits 
the size and vibration amplitude of the drive point. Figure 3 shows the sound pressure distribution in 
the agglomeration chamber with a cross section passing through the central axis of the agglomeration 
chamber. The maximum sound pressure is shown in red and the minimum is shown in blue. A high 
sound pressure is generated on the center axis of the diaphragm to form a standing wave sound field. 
The half-wavelengths of the standing wave in the central axis direction are about 8 mm apart. 

 
Figure 2 – Vibration amplitude of the diaphragm as a function of the distance from the center. 
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Figure 1 – Cylindrical rigid wall integrated sound source. 
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3. CONFIGURATION OF THE AGGLOMERATION DEVICE 
Figure 4 shows a block diagram of the apparatus for measuring aerosol agglomeration. It consists of 

an aerosol generation chamber, an air pump, a flow meter for measuring the flow rate, and an 
agglomeration chamber, all connected with transparent tubing (inside diameter: 8 mm). The air flows 
from the blower pump through the flow meter, aerosol generating chamber, and agglomeration 
chamber (blue arrows).  Lit incense sticks consisting of charcoal and aromatic wood were used as an 
aerosol generator because they mainly produce particles 1.0 μm size, which are PM2.5. 

Figure 3 – Normalized sound pressure distribution in the agglomeration chamber. 
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Figure 4 – Block diagram of the agglomeration device. 
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4. PARTICLE SIZE DISTRIBUTION OF AGGLOMERATED FINE PARTICLES 
To investigate the agglomeration effect of ultrasonic irradiation on fine particles, the particle size 

was measured as the sound source input power was changed. Three lit incense sticks were placed in the 
agglomeration chamber, air was fed into the agglomeration chamber (0 s), and the experiment was 
conducted for 750 s. The air flow rate was kept constant at 1.0 L/min, the input power to the sound 
source was 20 W, and supertone irradiation was not performed. Ultrasonic irradiation was applied to 
the particles for 150 s from 750 s to 600 s when the smoke concentration was stable. After the 
experiment was complete, the pump was stopped, and particles were collected by attaching a syringe to 
the air outlet of the agglomeration chamber and withdrawing 200 mL of air by aspiration. The 
collected particles were deposited in a glass dish over 1 h. The fine particles were photographed (20 
image in total) using a microscope (magnification factor of 2500), and the particle size was determined 
using image processing software (ImageJ).  

The median diameter (d50) was measured to evaluate the particle size distribution. The median 
diameter is the 50th percentile particle diameter, that is, the particle diameter that splits the particle size 
distribution with half of the diameters larger and half of them smaller. Similarly, d10 is the 10th 
percentile particle diameter and d90 is the 90th percentile particle diameter.  

4.1 Particle Size Distribution of Fine Particles 
Figure 5 shows the particle distribution without ultrasonic irradiation. The horizontal axis indicates 

the particle size, and the vertical axis indicates the frequency distribution ( left axis, black bars) and 
cumulative distribution (right axis, red line). d10 was 0.9 μm, d50 was 1.6 μm, and d90 was 2.9 μm. 
There were almost no particles with a diameter of 4.0 μm or more. 

Figure 6 shows the particle size distribution at an input power of 20 W. The vertical and horizontal 
axes are the same as in Figure 5. d10, d50, and d90 were 1.1, 2.65, and 6.7 μm, respectively. These results 
demonstrated that ultrasonic irradiation aggregated the fine particles. 

The particle size distributions were also measured at input powers of 5 and 10 W (Figure 7). The 
horizontal axis shows the input power, and the vertical axis shows the particle size obtained from the 
cumulative distribution. At input powers from 0 to 10 W, d50 and d90 increased as the input power 
increased, and d90 was about 2.5 times larger at 10 W compared that at 0 W. These results show that the 
ratio of large particles formed by agglomeration increased at an input power of about 10 W. 

 
Figure 5 – Particle size distribution without ultrasonic irradiation. 
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Figure 7 – Relationship between input power and cumulative particle size. 
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Figure 6 – Particle size distribution after ultrasonic irradiation (20 W). 
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4.2 Number of Particles 
The decrease in the number of fine particles as a proportion of the total number of particles was 

examined. Table 1 shows the total number of particles at each input power. Without ultrasonic 
irradiation, the total number of fine particles was 5355, whereas at an input power of 20 W, the total 
number of particles decreased to 1995.  

Figure 8 shows the rate of decrease in the number of particles at each input power, where the 
number of particles without ultrasonic irradiation was 100%. The horizontal axis indicates the input 
power and the vertical axis indicates the rate of decrease. The number of particles decreased as the 
input power increased compared with that at 0 W, and the number of particles at 20 W was about 30% 
of that at 0 W. Thus, the total number of fine particles was reduced by ultrasonic irradiation. 

 

5. CONCLUSIONS 
The agglomeration of fine particles using aerial ultrasonic waves was investigated, and the particle 

size distributions for various input powers were measured. Irradiating fine particles with ultrasonic 
waves increased d50 and d90 compared with no ultrasonic irradiation, owing to the agglomeration of 
small particles. Increasing the input power decreased the total particle number and increased the 
agglomeration effect. 
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Table 1 – Number of particles at each input power. 

 
 

 
Figure 8 – Particle number reduction rate as a function of input power. 
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Development of aerial ultrasonic source 
with cylindrical radiation surface for ultrasonic agglutination 

Takuya ASAMI1; Hikaru MIURA2 
1, 2 Nihon University, Japan 

ABSTRACT 

We develop a high-power aerial ultrasonic source with cylindrical radiation surface for ultrasonic 
agglutination. The developed ultrasonic source consists of a bolt-clamped Langevin-type longitudinal 
vibration transducer, an exponential horn, a resonance rod, and a cylinder-type vibrating plate. Both ends of 
the cylinder have flanges that do not vibrate. The aerial ultrasonic source resonates at around 28 kHz. The 
features of the developed ultrasonic source can be applied to ultrasonic agglutination by preventing air 
leakage through direct connection a pipe and can obtain high sound pressures in the space within the 
cylinder-type vibrating plate. We describe a design method for the cylinder-type vibrating plate and the 
vibration characteristics of the developed ultrasonic source. In the proposed design, dimensions for 
non-vibrating flanges and dimensions for which the cylinder part vibrates and generates high sound pressures 
were obtained using the COMSOL finite element method. Vibration characteristics show that the designed 
flanges experience almost no vibration. The obtained sound pressure is around 7 kPa (171 dB) at an input 
electrical power of around 7 W within the cylinder-type vibrating plate. 
 
Keywords: Ultrasound, Cylindrical, Agglutination, Powder transport, Transverse vibration 

1. INTRODUCTION 
Applications of high-power aerial ultrasonic waves include agglutination of aerosols and fine 

particles. It has been recently reported that the power required for powder transport is reduced by 
irradiating ultrasonic waves during transport (1-4). In such applications, when ultrasonic waves are 
irradiated by a sound source using a vibrating plate, it is necessary to ensure that structures do not leak 
the agglutinated mass (5-7). 

For such applications, we developed an aerial ultrasonic source using a novel vibrating plate that 
integrates a conventional vibrating plate and a rigid wall as an aerial ultrasonic source (8, 9). For this 
novel form, we developed an aerial ultrasonic sound source using a cylindrical vibrating plate with a 
rigid wall integral structure. This vibrating plate uses a mode in which the node and antinode of 
transverse vibrations are alternately generated in the longitudinal direction of the cylinder, and the 
node or antinode of transverse vibration is circularly generated on the circumference perpendicular to 
the longitudinal direction. Vibration of the rigid wall is very small considering the size of vibrations in 
the cylindrical part. The obtained sound field is maximized along the central axis within the cylindrical 
vibrating plate. Such a cylindrical vibration plate can be directly connected to a transport pipe for air 
containing aerosol, fine particles, etc., by using a rigid wall. 

In this paper, we first describe use of the finite element method (FEM) to design a cylindrical 
vibrating plate with a rigid wall satisfying the above requirements. Next, we clarify basic 
characteristics of an aerial ultrasonic source using the designed cylindrical vibrating plate with a rigid 
wall (10). 

2. DESIGN OF VIBRATING PLATE WITH RIGID WALL USING FEM 
We designed a cylindrical vibrating plate with an integral rigid wall structure using COMSOL 

Multiphysics 4.4. Specifically, we used FEM for a cylinder (material: A2017 duralumin) with 80-mm 
inner diameter and 100-mm length. The design was based on a policy by which the vibrational mode of 
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the vibrating plate alternately generates the node and antinode of transverse vibration along the length 
direction of the cylinder, and the node or antinode of transverse vibration is circularly generated on the 
circumference orthogonal to the length direction. A second design policy was realization of large 
sound pressure along the central axis of the cylinder, with nearly no vibration in the rigid wall. 

Figure 1 shows a schematic diagram for the cylindrical vibrating plate to be designed. The 
cylindrical vibrating plate consists of a cylinder and two rigid walls. The cylindrical vibrating plate 
has an inner diameter of 80 mm and a length of 100 mm. The thickness T of the cylindrical vibrating 
plate, the height H of the rigid wall, and the width W are designed using FEM. The design was carried 
out in the order of drive frequency for the cylindrical vibrating plate, then thickness T of the cylinder, 
and finally height H and width W of the rigid wall. 

 

 
Figure 1 – Cylindrical vibrating plate with two rigid walls 

2.1 Determination of Drive Frequency 

The driving frequency of the cylindrical vibration plate is determined by focusing on the sound 
field generated within the cylinder. Concretely, the driving frequency was set to the frequency that 
maximizes sound pressure of the sound field in the cylinder along the central axis of the cylinder. The 
node for sound pressure is generated in the radial direction, and the node for concentric circles is 
generated in the radial direction. We used FEM to calculate the frequency at which the sound field 
within the cylinder meets the above requirements. Figure 2 shows the model used for analysis. In this 
analysis, the thickness of the cylinder was adequate, and the entire cylinder was completely fixed. An 
air layer was installed within the cylinder, and the boundary condition for the air layer at both ends of 
the cylinder was calculated as 0 Pa pressure. 

 

 
Figure 2 – Reference cylinder for design 

 

Figure 3 shows the frequencies calculated by FEM to obtain the desired sound field mode. 
Parameters were the number of sound pressure nodes in the radial direction on the horizontal axis, the 
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frequency at which the desired mode was obtained on the vertical axis, and the number of sound 
pressure nodes in concentric circles. The figure shows that the frequency increases with the number of 
nodes in the radial direction at each node in the concentric circle. The results show three desired modes 
around 28 kHz: at 27.277 kHz (4 radial nodes, 6 concentric nodes), 28.127 kHz (6 radial, 6 concentric), 
and 27.284 kHz (10 radial, 5 concentric). We therefore consider that the desired sound field mode 
within the cylinder can be obtained by driving the cylinder at around 28 kHz. 

 

 
Figure 3 – Relation between number of diameter-direction nodal lines and resonance frequency 

2.2 Determination of Thickness T of the Cylinder 

The thickness T of the cylinder is a value by which the node and antinode of transverse vibration are 
alternately generated in the longitudinal direction of the cylinder in its vibration mode at 28 kHz, and 
the node or antinode of the transverse vibration is circularly generated on the circumference 
orthogonal to the longitudinal direction. Thickness T is calculated using FEM so that the transverse 
vibration of the cylinder realizes such a mode. The analytical model is similar to that in Fig. 2. Both 
ends of the cylinder were perfectly fixed in the analysis, and the frequency at which the desired 
vibrational mode was obtained was calculated by changing thickness T. Unlike the description in 
Section 2.1, there is no air layer inside the cylinder. The material used for the cylinder is A2017 
duralumin, Young’s modulus is 76.5 GPa, Poisson’s ratio is 0.33, and density is 2,790 kg/m3. 

Figure 4 shows the frequency at which the desired vibrational mode is obtained when thickness T as 
determined by FEM is changed. In Fig. 4, the horizontal axis represents the thickness T and the vertical 
axis represents the frequency at which the desired vibration mode is obtained. The number of circular 
vibration nodes n is taken as a parameter and includes two numbers for the circular nodes generated by 
completely fixing both ends of the cylinder as per the analysis conditions. As a result, the frequency at 
which the desired vibrational mode is obtained increases with thickness T for each number of circular 
nodes n. This shows that the values for thickness T at which the desired vibrational mode is obtained at 
28 kHz are 1.4 and 2.7 mm. Considering the working method and strength of the vibration plate, we set 
thickness T for the cylinder to 2.7 mm. 

 

 
Figure 4 – Relationship between thickness of cylinder (T) and resonance frequency 
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2.3 Determination of Height H and Width W of Rigid Walls 

As Fig. 1 shows, to keep the mode of the sound field within the cylinder unchanged, the rigid wall 
is integrated with the cylinder and made to protrude inward without changing the length (100 mm). 
Values for height H and width W of the rigid wall were calculated so that the rigid wall nearly does not 
vibrate when the cylinder vibrates in the desired mode, and so that the frequency hardly changes from 
28 kHz. Figure 1 shows the analytical model. In the analysis, the boundary condition for the overall 
model was made to be free, and height H and width W of the rigid wall were varied. The frequency and 
maximum value of vibrational displacement in each part were calculated for the case where the 
cylindrical part (T = 2.7 mm section) has the desired vibrational mode. Evaluation of the calculation 
results for frequency was according to the difference between the obtained frequency and 28 kHz. 
Evaluation of the calculation results for vibrational displacement was according to the ratio between 
the maximum vibrational displacement of the rigid wall part and that of the cylindrical part. The 
material of the cylinder was A2017 duralumin, as in Section 2.2, and was calculated using the same 
material constants. 

Figure 5 shows the frequency error rates obtained by FEM when height H and width W of the rigid 
wall are changed. In that figure, the horizontal axis represents width W of the rigid wall, the vertical 
axis represents height H of the rigid wall, and the error rate is shown as a contour diagram. The results 
show that the error rate for the frequency is small in a rigid wall width W range of 19–20 mm, 
regardless of the height H. We therefore consider that a width of 19–20 mm has little effect on the 
vibrational mode of the cylindrical part, because it is almost equal to 1/2 the wavelength of transverse 
vibrations when a cylinder without a rigid wall vibrates in the desired mode. 

Figure 6 shows the ratios obtained by dividing the maximum vibrational displacement of the rigid 
wall by the maximum vibrational displacement of the cylindrical part when height H and width W of 
the rigid wall are changed. In the figure, the horizontal axis represents width W of the rigid wall and the 
vertical axis represents its height H. The results show that the ratio of vibration was about 6% between 
W = 18 mm, H = 40 mm and W = 24 mm, H = 28 mm, which was smaller than other dimensions. In that 
range, the rigid wall nearly did not vibrate in comparison with the cylindrical part. From the results in 
Figs. 5 and 6, H = 20 mm and W = 34 mm are the values at which the rigid wall almost does not vibrate 
when the frequency is near 28 kHz. 

In summary, from this FEM-based design, the driving frequency was 28 kHz and the dimensions 
were T = 2.7 mm, W = 20 mm, and H = 34 mm. 

2.4 Aerial Ultrasonic Source Using Cylindrical Vibrating Plate With Rigid Walls 

Figure 7 shows a schematic diagram for an aerial ultrasonic source using a cylindrical vibrating 
plate with rigid walls using the FEM-designed values. The aerial ultrasonic source consists of a 
bolt-clamped Langevin ultrasonic transducer for 27 kHz, an exponential horn for expansion of 

Figure 6 – Relation between 

dimensions H and W of rigid walls 

and vibration rate 

Figure 5 – Relation between 

dimensions H and W of rigid walls 

and frequency error rate 
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longitudinal vibration displacement amplitude, a transmission rod, and a cylindrical vibrating plate 
(material: A2017 duralumin). Each part is connected by a screw. 

The rigid wall part of the cylindrical vibrating plate is connected to both ends of the cylindrical part 
as an integral structure. The cylindrical vibrating plate has a hole with 5-mm diameter in its center for 
connection with the transmission rod. A concave washer and a convex washer are inserted into the 
coupling between the vibrating plate and the transmission rod to facilitate propagation of longitudinal 
vibrations from the transmission rod. The coordinate axis shown in Fig. 1 was set with the cylinder 
center at the origin for measurements. 

 

 
Figure 7 – Aerial ultrasonic source using a cylindrical vibrating plate with rigid walls 

3. VIBRATION CHARACTERISTICS OF THE AERIAL ULTRASONIC SOURCE 
This chapter experimentally examines whether the desired sound field and vibrational mode are 

obtained by the FM-designed cylindrical vibrating plate. 

3.1 Sound Pressure Characteristics for Frequency at the Cylindrical Vibrating Plate 

Origin 

To clarify whether a large sound pressure is obtained along the central axis of a cylinder generating 
the desired sound field by a cylindrical vibrating plate, we measured sound pressure characteristics for 
the frequency at the origin of the cylindrical vibrating plate. We measured the sound pressure using a 
1/8-inch condenser microphone (ACO, 7118) with a constant driving voltage of 5 Vrms and driving 
frequency varying from 27.5 to 28.5 kHz. 

Figure 8 shows the results, with the horizontal axis representing the driving frequency and the 
vertical axis representing the sound pressure. The figure shows that the sound pressure had local 
maximum values at driving frequencies of 27.64, 27.82, and 28.27 kHz. The sound pressure of about 
1.8 kPa at 27.64 kHz is particularly large, as compared with other local maximum values. These results 
suggest that the desired sound field is obtained at 27.64 kHz. 

3.2 Sound Pressure Distribution Inside the Cylindrical Vibrating Plate 

We next measured the sound pressure distribution inside the cylindrical vibrating plate to clarify 
whether the desired sound field is obtained at the frequency from section 3.1. We measured the sound 
pressure distribution in the x–y plane within the cylinder using a 1/4-inch condenser microphone (ACO, 
7016) with a probe when the driving frequency was 27.64 kHz and the driving power was 0.1 W. 

Figure 9 shows the results. The horizontal axis shows the position on the y-axis, the vertical axis 
shows the position on the x-axis, and contours show the sound pressure normalized by the maximum 
value. This figure shows that there are 12 nodal lines parallel to the y-axis direction, because six 
concentric circular nodes are generated in the radial direction of sound pressure. We also found that the 
maximum sound pressure occurs on the central axis of the cylindrical vibrating plate, and that there 
were four sound pressure nodes parallel to the x-axis, that is, in the radial direction of the sound 
pressure. The obtained sound pressure distribution was almost the same as that obtained in Fig. 3 for 
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Figure 9 – Sound pressure 

distribution within the vibrating 

plate in the x–y plane 

Figure 8 – Relation between 

driving frequency and sound 

pressure at the origin 

          

27.277 kHz. These results show that the sound field in the cylindrical vibrating plate was nearly 
according to design, as was the driving frequency. 

We measured sound pressure at the origin while varying the input power, using a 1/8-inch 
condenser microphone (ACO, 7118) as in Section 3.1. The input power was up to 7 W. 

Figure 10 shows the results, with input power on the horizontal axis and sound pressure on the 
vertical axis. These results show that the sound pressure is approximately proportional to the square 
root of the input power. The sound pressure was about 8 kPa at an input power of 7 W. The sound 
pressure exceeds measurement limits of the microphone at higher input powers, so in this study we 
limited input power to 7 W. However, it previously has been confirmed that an aerial ultrasonic 
source can be driven to about 50 W. If the sound pressure remains proportional to the square root of 
the input power, a sound pressure of about 20 kPa can be obtained from an input power of about 50 
W. 

 
Figure 10 – Relation between input electric power and sound pressure at the origin 

 

3.3 Transverse Vibrational Distribution in the Cylindrical Vibrating Plate 

We next measured the distribution of transverse vibration in a cylindrical vibrating plate to clarify 
whether the node and antinode of transverse vibration are alternately generated in the longitudinal 
direction (y-axis) of a cylinder with a cylindrical vibrating plate in the desired vibration mode, and 
whether the node or antinode of transverse vibration is circularly generated on the circumference 
orthogonal to the longitudinal direction (y-axis). The deflection vibration distribution in the y-axis 
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direction of the cylindrical vibrating plate outer diameter was obtained using a laser Doppler 
vibrometer (Ono Sokki, LV -1610) when the driving frequency was 27.64 kHz and the driving electric 
power was 1 W. 

Figure 11 shows the results, with the position in the y-axis direction on the horizontal axis, the 
amplitude of transverse vibration displacement on the vertical axis, and the measurement point 
indicated in the schematic diagram. This figure shows that transverse vibrational displacement of the 
cylindrical part (T = 2.7 mm section) had four nodes in almost the same position at all measurement 
points. This shows that the node of transverse vibrational displacement became four nodes 
symmetrical about the y-axis, which is the central axis, and that the node of transverse vibrational 
displacement is circular. However, the distribution of transverse vibration, shown by the plotted 
triangles (△), indicates smaller values for vibrational displacement at measurement points near the 
transmission rod than that at other points. This is likely because transverse vibration at the cylindrical 
part was suppressed by longitudinal vibrations of the transmission rod. In the rigid wall, transverse 
vibrational displacement is at most about 0.1 μm at all measurement points, while transverse vibration 
in the cylindrical part (T = 2.7 mm section) becomes about 2.4 μm at the antinode position and about 
0.1 μm in the node position of the vibrational distribution. These results show that transverse vibration 
of the rigid wall was small and nearly the same value as the nodal position of the cylindrical part, and 
that the desired design was obtained with four node lines and little vibration of the rigid wall. 

 

 
Figure 11 – Transverse vibrational displacement distribution 

at the outer diameter of the vibrating plate 

4. CONCLUSIONS 
We presented an FEM-based design for a cylindrical vibrating plate integrated with rigid walls. We 

also presented basic characteristics of an aerial ultrasonic source using the designed cylindrical 
vibrating plate. Design of the cylindrical vibrating plate started with FEM analysis using COMSOL 
Multiphysics 4.4, from which we decided on a driving frequency and dimensions for the cylindrical 
vibrating plate focusing on the sound field within the cylinder and the vibrational mode of the 
cylindrical vibrating plate. We then measured the basic characteristics of an aerial ultrasonic source 
using the vibrating plate. 

As a result, the sound field within the circular vibrating plate attained maximum values along the 
central axis of the cylindrical vibrating plate. In vibrations in the cylindrical part of the vibrating plate, 
the node and antinode of transverse vibrations are alternately generated in the length direction of the 
cylinder, and the node or antinode of transverse vibration is circularly generated on the circumference 
orthogonal to the length direction. Vibration of the rigid wall part had nearly the same value for 
displacement amplitude as did the nodal position of transverse vibration of the cylindrical part. This 
demonstrated that the rigid wall part hardly vibrates, showing that a cylindrical vibrating plate with an 
integral rigid wall structure can be designed using FEM. 
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Removal of extraneous matter by ultrasonic washing 
in running water 

Hidenobu HOSAKA1; Takuya ASAMI 2; Hikaru MIURA 3 
1,2,3 Nihon University, Japan 

ABSTRACT 
Fused deposition modeling (FDM) is a fabrication method used in additive manufacturing. In FDM, support 
materials that act as splints can be required depending on the shape of the object, and the support material 
must be removed after the object is completed. The support material can be removed cleanly by using a water-
soluble support material, but this method is lengthy. Ultrasonic washing with running water can remove the 
support materials locally and quickly by using the cavitation or acoustic flow generated by irradiating the 
water with strong ultrasonic waves. In this study, ultrasonic washing with running water was investigated 
using polyvinyl alcohol as a model of soiling. Running water irradiated with ultrasonic waves gave a 
substantially higher washing rate than unirradiated running water. 
 
Keywords: Ultrasonic, Low frequency, Washing, Support material removal 
 

1. INTRODUCTION 
Three-dimensional printers (1, 2) use additive manufacturing technology; for example, the fused 

deposition modeling (FDM) method, in which a molded product is formed by laminating a plastic, 
such as acrylonitrile butadiene styrene or polylactic acid resin. For some objects, a temporary sup-
port material is required to form splints to support the resin; however, the support material must be 
removed after the object is completed. There are various methods for removing the support material, 
including using tools, water-soluble support material, washing liquid and an ultrasonic cleaner(3), and 
high-pressure water. However, there are problems with these removal methods. Removing the support 
material using tools is labor-intensive, small parts cannot be removed completely, and the object can 
be damaged. Water-soluble support materials take a long time to dissolve completely and the washing 
solution must be replaced many times. High-pressure water may also the damage the object and splash 
the surrounding area. To solve these problems, we have examined washing support materials in 
running water irradiated with low-frequency ultrasonic vibrations. Because The washing time was 
shorter and the object was cleaned uniformly irrespective of its size and shape.  

In this study, the washing effect of the ultrasonic waves in running water in our ultrasonic washing 
device was evaluated quantitatively at various input powers. Polyvinyl alcohol (PVA)(4) was used as 
the support material. 

2. ULTRASONIC WASHING DDEVICE AND EXPERIMENTAL METHOD 

2.1 Ultrasonic Vibration Source 
Figure 1 shows a schematic of the flow-through ultrasonic cleaner used in this study. The ultrasonic 

vibration source is composed of a bolt-clamped Langevin vibration transducer (D4427PC, Honda 
Electronics; 27 kHz, 40 mm in diameter, and 90 mm in length) and an exponential horn (diameter of thick 
end face: 40 mm; diameter of thin end face: 8 mm; material: duralumin) with an overall length of 111 mm. 
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2.2 Washing Apparatus and Washing Method 
The exponential horn is covered with an acrylic pipe from the flange to the thin end. The distance 

between the horn and the acrylic pipe is 1 mm. Water is supplied to the ultrasonic vibration surface at 
the tip of the horn from the water inlet and outlet attached to the acrylic pipe. Water flows in from the 
water inlet (indicated by the blue arrow in Figure 1), ultrasonic waves are applied through the 
ultrasonic vibration plane, which has a structure corresponding to the washed item. Water is supplied 
by a pump (NP-50, NAKASA) and the flow rate is adjusted with a valve. 

The sample for washing is attached to the tip of the bar of a rod-shaped push solenoid (CH 
12840250, Takaha Kiko) to control the position of the sample in the water and the washing time. 
Before and after washing, the water does not come into contact with the sample, because the solenoid 
rod is raised. During washing, the rod is lowered and the sample is placed in front of the water outlet. 

2.3 Frequency Characteristics of Ultrasonic Vibration Sources 
To investigate the vibration characteristics of the ultrasonic vibration source,  the admittance was 

measured using an impedance analyzer (ZGA 5920, NF). The measurements were performed with a 
fixed driving voltage of 1 Vrms with no load (air) and with a load (water flowing through the pipe at a 
flow rate of 1 L/min).  
 

 
Figure 1 – Experimental device.  

 
Figure 2 shows the conductance as a function of frequency. The results for no load are shown in 

black and the results for water flowing through the pipe are shown in red. With no load, the resonance 
frequency was 25.2 kHz, the conductance was 26.3 mS, and the Q value was 813. With the water flow, 
the resonance frequency was 25.1 kHz, the conductance was 6.75 mS, and the factor was 200. 
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Figure 2 – Conductance as a function of frequency. 

 

3. RESULTS OF WASHING EXPERIMENTS 

3.1 Washing Effect on Paint 
Figure 3 shows the appearance of a paint sample, which consisted of an acrylic plate (40 × 40 mm) 

with an area covered with black water-based paint (0.25 g) to model dirt. The sample was placed about 
2 mm away from the water outlet parallel to the vibrating surface of the ultrasonic vibration source  
and was cleaned at various input powers. 

 
 

 
 

Figure 3 – Photograph of a paint sample consisting of paint on an acrylic plate.  
 

The washing time was 60 s, the flow rate was 1 L/min, the input power was changed from 0 to 
12 W in 2 W intervals, and 10 samples were cleaned for each input power. The washing rate was 
measured to determine the effect of changing the input power on the washing and was calculated by 
the gravimetric method using equation (1).  

 (1) 

Here, Ws is the amount of dirt before washing and Ww is the amount of dirt after washing. Before 
washing, the samples were dried at 50 °C in an oven (DRE 320 DA, ADVANTEC), and then weighed. 
After the experiment, the samples were allowed to air dry for 24 h and were weighed. All samples 
were weighed using a universal electronic balance (MC 1000, Kensei Kogyo Co., Ltd.).  

Figure 4 shows the washing rate as a function of input power for the paint sample. The washing 
rate is shown on the vertical axis and the input power is shown on the horizontal axis. The black 
circles represent the values of the washing rates of 10 samples, and the open circles represent the 
average washing rates. The average washing rate at 0 W (without ultrasonic irradiation) in running 
water was 28.7%, whereas that at 6 W was 92.1%. Thus, the washing rate with ultrasonic radiation 
was a maximum of about 3 times higher than that without. The washing rate increased from 0 to 6 W, 
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decreased from 6 to 10 W, and was constant from 10 to 12 W. These results could be explained by the 
increase in cavitation and the generation of microbubbles in the pipe as the input power was increased, 
and the sound field in the pipe was disturbed. Therefore, the ultrasonic vibration did not propagate 
readily through the water, and the washing rate is lower than that at input powers higher than 6 W (5). 

 
 

 
Figure 4 – Relationship between washing rate and input power for the paint samples. 

 

3.2 Washing Effect on Water-soluble Support Materials 
Figure 5 shows a photograph of the PVA sample used to investigate the washing effect on water-

soluble support materials. Acrylic plates similar to those in Section 3.1 were used for the base to 
which 0.12 g of water-soluble PVA (PVA 175 N05KG, eSUN) support material was attached. The 
sample was placed about 2 mm from the water outlet parallel to the vibrating surface of the ultrasonic 
vibration source. 
 

 
Figure 5 – Photograph of a PVA sample consisting of PVA on an acrylic plate. 

 
 

PVA samples were used to determine the washing rate with a washing time of 180 s, a constant 
flow rate of 1 L/min, and input powers of 0 and 6 W. The washing rate was calculated with equation 
(1) using the same method as for the paint samples in Section 3.1 . The PVA samples were dried at 
197 °C in the oven, and weighed. After washing, the samples were allowed to air dry for 24 h and 
weighed. All samples were weighed with the electronic balance. 

Table 1 shows the washing rates before and after washing with and without ultrasound. Ultrasonication 
increased the washing rate by about 5 times compared with no ultrasonication. 

Figure 6 (a) and (b) show photographs of the PVA samples after washing with ultrasonication and 
without ultrasonication, respectively. After washing with ultrasonication, the surface of the PVA was 
uneven and dissolved, whereas without ultrasonication the surface was flat. 
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Table 1 – Effect of ultrasound on weight and washing rate of PVA samples. 
In running water With ultrasonication Without ultrasonication  

Before washing (g) 0.120 

After washing (g) 0.055 0.109 

Washing rate (%) 54.2 9.17 
 
 

 
(a) With ultrasonication. (b) Without ultrasonication.  

Figure 6 – Photographs of PVA samples after washing. 
 
 

4. CONCLUSIONS 
We examined the washing effect of ultrasonication in running water quantitatively by changing the input 

power. Paint samples were cleaned at input powers from 0 to 12 W, and the washing rate was highest at 6 W 
and was about 3 times that at 0 W. PVA support material was used for the PVA samples, and the washing rate 
at 6 W was about 5 times that at 0 W, demonstrating the effectiveness of ultrasonication for washing in 
running water. 
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DNA amplification by sound and ultrasound frequency vibration  

Ryu Kobayashi1; Seiji Yoneda1; Shigeo Yamaguchi1 

1 Kanagawa University, Japan 

ABSTRACT 

In the Polymerase Chain Reaction (PCR) method, which is a strong DNA amplification technology, a step 

with a high temperature of 94 ℃ is inevitably included to denature double-stranded DNA to single-stranded 

DNA. However, the thermal denaturation has problems causing DNA damage and enzyme deactivation. To 

overcome them, we have proposed and developed a new technology for DNA denaturation and amplification, 

namely, vibration-driven DNA amplification method (the frequency ranges from 100 Hz to 25 kHz). In our 

method, DNA is denatured and amplified by vibrating a small plastic tube with at sound to ultrasound 

frequencies using a wave transducer. In the tube, DNA, enzyme, and other materials are mixed and dissolved 

in water. Using the DNA amplification system we developed, we examined the optimum condition for DNA 

denaturation and amplification by changing amplitude, frequency and time of vibration. Maximum 

amplification rates were obtained at frequencies from 100 Hz to 800 Hz. Moreover, through the agarose gel 

electrophoresis, we found that no DNA was damaged by vibration. 

 

Keywords: DNA, PCR, Vibration 

1. INTRODUCTION 

In the DNA amplification technology, the PCR method conventionally used includes a process of 

dissociating DNA from double-stranded into single-stranded by high temperature of 94 ° C. However, 

this heat denaturation has problems such as DNA damage and enzyme deactivation.  Therefore, we 

have proposed and developed DNA denaturation and amplification method using vibration in the audio 

frequency band without using high temperature conditions.   

In our method, DNA is denatured by vibrating the DNA solution at audible frequencies using a 

wave transducer. To analyze the results of DNA amplification by vibration, a microchip -type 

electrophoresis was used. Furthermore, the energy applied to DNA by vibration was estimated, and 

the relationship between the estimated values and the amplification of DNA was discussed.  

 

2. METHOD 

2.1 The PCR method 

The conventional thermal PCR is a method of amplifying a target DNA about 2N times by 

performing N cycles of a three-step thermal cycle reaction using a primer and an enzyme that bind to 

both ends of the DNA at the target site.  

The thermal cycle is explained as follows. First, double-stranded DNA is denatured into 

single-stranded DNA by applying heat of 94 (denaturation). Second, the temperatures of the 

single-stranded DNA and the primer are lowered to 55 ℃ to mutually complement bind (annealing). 

Finally, by raising the temperature to 72 ℃, the enzyme works to extend the primer. These three steps 

are one cycle. 

Figures 1 and 2 show the DNA model during PCR and, the thermal cycle of the PCR, 

respectively. 

                                                        
1 r201870084yq@jindai.jp 
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Figure 1 – DNA model during PCR 

 

 
Figure 2 – Thermal cycle of PCR 

2.2 Vibration-driven PCR 

The conventional PCR method has a problem that it damages DNA and enzymes because it uses 

high temperature. Therefore, we have proposed and developed a new technology of denaturation and 

amplification of DNA by vibration in stead of using heat. In the vibration-driven PCR method, 

accurate amplification, significant reduction of time, and high efficiency are expected.  

The method was performed by placing a wave transducer in a thermostatic chamber set to the 

activation temperature (37 ℃) of the enzyme to be used. 

Figure 3 shows device configuration of the vibration PCR method.  

 
Figure 3 – Configuration of the vibration-driven PCR method 
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The vibration PCR method is performed through two-step process. First, the DNA solution is 

denatured by vibration. Next, the annealing in the vibration-free state. These two steps are one cycle. 

Figure 4 shows the thermal cycle of the vibration PCR method. 

 
Figure 4 – Thermal cycle of the vibration PCR method 

 

In this study, we simply calculated assuming a single sphere of DNA. The vibrational energy 

applied to DNA per vibrational cycle is expressed as the following equation.  

𝜀𝑣,1𝑐𝑦𝑐𝑙𝑒 = 2𝑚𝜔2𝐴2 = 8𝜋2𝑚𝐴2𝑓2 (1) 

Here, m is total mass of DNA in the tube, A is vibrational amplitude of the tube, f is frequency of 

the tube. Considering the vibration time, it is expressed as the following equation.  

𝜀𝑣 = 𝜀𝑣,1𝑐𝑦𝑐𝑙𝑒𝑓∆𝑡 = 8𝜋2𝑚𝑓3𝐴2∆𝑡 (2) 

In addition, since the DNA size used in this experiment is 500 bp, the polymer worm strand 

model of the following equation considering anti-flexibility was applied rather than the complete 

random coil model. For a DNA of q = 44 nm (full length L = 170 nm), the radius of inertia is 

estimated 35nm. 

√〈𝑆2〉 =
1

3
𝐿𝑞 − 𝑞2 +

2𝑞3

𝐿
[1 −

𝑞

𝐿
(1 − 𝑒−𝐿 𝑞⁄ )]  (3) 

The number of DNA in the tube is on the order of 1010, and the maximum vibrational energy 

applied per DNA sphere (including water) from the radius of inertia is estimated to be 9.1 × 10 −18 J 

from equation (1). 

 

3. EXPERIMENTAL METHOD 

First, using a wave transducer, the entire microtube containing a solution of DNA (size 500 bp; bp 

= base pair) is vibrated. The vibration conditions at that time are a frequency of 100 to 800 Hz 

(amplitude of 0.44 to 0.015 mm), a voltage of 5 V, a vibration time of 10 seconds, and no vibration time 

of 30 seconds, 5 cycles and 10 cycles. 

Next, the size and amplification rate of DNA after vibration are measured by capillary 

electrophoresis. 

Furthermore, the energy applied to the DNA in the tube from the outside is calculated from the 

analysis results of capillary electrophoresis and the equations (1) to (3).  

 

4. EXPERIMENTAL RESULT 

Figure 5 shows the amplification rate at 5 cycles estimated by capillary electrophoresis, and Figure 

6 shows the amplification rate at 10 cycles. Figure 7 shows the vibrational energy characteristic 

calculated from equation (2). 
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Figure 5 – Amplification rate at 5 cycles 

 

 
Figure 6 – Amplification rate at 10 cycles 

 

 
Figure 7 – Vibrational energy characteristics calculated from equation (2) 
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5. CONCLUSIONS 

Amplification, rate was 1.8 times at the maximum. The vibration condition at that time was 800 Hz 

for 5 cycles. The amplification rate was, as a whole, higher in 5 cycles than in 10 cycles. These results 

indicate that when the vibrational energy applied to the DNA is too high, the enzyme is deactivated. 
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Light scattering observation of oscillation of a bubble in acoustic 
cavitation cloud 

Takanobu Kuroyama1 
1 National Institute of Technology, Gifu College, Japan 

ABSTRACT 
High-intensity ultrasound in liquid generates oscillating fine bubbles called acoustic cavitation. Although 
the behavior of the oscillation of the single bubbled driven by ultrasound is revealed, the behavior of the 
bubbles in the multi-bubble system is not clear because of the difficulty of the measurement. To overcome 
the problem, we propose an improved light scattering measurement technique employing confocal optics. 
In this system, a laser beam irradiates the bubble cloud. The light scattered by a bubble in a tiny 
measurement volume, which is formed by the confocal optics, is measured. The detected scattered light 
intensity is proportional to the square of the bubble diameter. Thus, the oscillation of a bubble in the cloud 
can be observed with the scattered light. The concept and the principle of measurement are described and 
the characteristics are analyzed by numerical simulation. The verification experiment is performed and the 
oscillation of a bubble in acoustic cavitation formed under the ultrasonic horn is measured. The single 
bubble oscillation-like behavior of a bubble in the acoustic cavitation is observed and it may indicate the 
ability of the proposed method to measure the oscillation of a single bubble in the acoustic cavitation.  
 
Keywords: Acoustic cavitation, Oscillation, Laser scattering 

1. INTRODUCTION 
Acoustic cavitation means a cavitation phenomenon induced by the high-intensity ultrasound in 

the liquid. The negative pressure of the ultrasound causes the deposition of the dissolved gases in the 
liquid and the deposited gases form tiny bubbles. These bubbles volumetrically oscillate with the 
fluctuation of the ultrasound pressure. The bubbles gradually expand with the negative ultrasound 
pressure and rapidly contract with the positive ultrasound pressure within a ultrasound period even if 
the bubble is driven by the sinusoidal ultrasound pressure. The shrinkage stage of the bubble 
accompanies the violent collapse and the semi-adiabatic compression of the inner gas. The collapse 
of the bubbles produces various chemical and physical phenomena, such as the sonoluminescence (1), 
sonochemiluminescence (2), production of radicals (3), and microjet (4). 

The physics of the above mentioned nonlinear bubble oscillation has been revealed theoretically 
and experimentally for the single bubble case. Especially, the single bubble oscillation experiment 
performed by Gaitan and Crum made further understanding of the bubble oscillation (5). In the 
single bubble oscillation experiment, a bubble is trapped at the antinode of 101 kHz order ultrasonic 
standing wave. The trapped bubble stably oscillates with an accurate period without translational 
motion. Thus, the bubble oscillation can be easily observed with the stroboscopic imaging (6) or the 
laser scattering measurement (7, 8). However, the bubble oscillation in acoustic cavitation with multi 
bubbles is difficult to be observed because the bubbles move randomly. The bubble oscillation in 
ordinal acoustic cavitation is complicated because the bubbles mutually interact with each other and 
the formation, coalescence, and collapse of the bubble occur. Thus, the oscillation characteristics of 
the bubble in the acoustic cavitation are still unclear. 

In this paper, we propose a measurement method of the oscillation of a single bubble in acoustic 
cavitation employing the laser scattering. The purpose of this paper is to establish the measurement 
principle of the method. First, the concept and the theory of the measurement method are described. 
The numerical simulation is performed to clarify the characteristics of the proposed method and the 
result of the experimental observation of the bubble oscillation is discussed.  

                                                        
1 kuroyama@gifu-nct.ac.jp 
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2. Measurement Principle 

2.1 Concept of Proposed Method 
The optical system of the proposed method is shown in Figure 1. Acoustic cavitation bubbles in 

water are irradiated by a Gaussian laser beam and the bubbles scatter the laser. An imaging lens is 
positioned so that the image of the side scattered light from bubbles are formed on the pinhole. The 
output of the photodetector is proportional to the power of the scattered light image on the pinhole 
aperture. This lens system is called confocal optics. The scattered light only arises when the laser 
beam crosses the bubbles and the bubble image is formed away from the optical axis of the lens 
system when the bubble is far from the optical axis. Thus, the photodetector only detects the 
scattered light when a bubble is positioned in the measurement volume, where the laser beam has 
high light intensity near the optical axis of the lens system. 

The size of the measurement volume, V, is approximated as 

, (1) 

where d, M, D are the pinhole aperture diameter, the magnitude of the lens system, and the laser 
beam diameter, respectively. Assuming that the bubble is spatially randomly distributed, the number 
of bubble within the measurement volume k follows the Poisson distribution with a mean number of 
bubbles in the measurement volume μ denoted as Pk, such that 

, (2) 

where N is the number density of the bubbles (9). The probability of existing two or more bubbles in 
the measurement volume can be reduced by decreasing the mean number of bubbles μ. The mean 
number of bubbles μ can be set to small by reducing the measurement volume. 

The side scattered light intensity is almost proportional to the square of the bubble diameter (10). 
Thus, the radial oscillation of the bubble varies the scattered light intensity. When a single bubble is 
located in the measurement volume, the radial oscillation can be measured with the fluctuation of the 
photodetector output. 

2.2 Scattering of Gaussian Laser Beam by Bubble in Water  
Schematic diagram of coordinates for Gaussian beam scattering is shown in Figure 2. The bubble 

at origin is irradiated with a Gaussian beam focused to the half-width w0 at the point (xf, yf zf). The 
far-field intensity of the scattered light is expressed as 

, (3) 

where r, θ, and φ are the distance between the bubble center and the origin, the scattering angle, and 
the angle between the x-axis and the scattering plane as shown in Figure 3, respectively. The 
scattering function for x-polarized light S1(θ, φ) and for y-polarized light S2(θ, φ) are expressed as 
 

                 
  Figure 1 – Concept of proposed method													Figure 2 – Gaussian beam scattering coordinates 

V ≈ [π(d / M )2 / 4]D
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, (4) 

, (5) 

where πlm(θ) and τlm(θ) are the angular functions. The partial-wave scattering amplitudes αlm and βlm	
are the function of the beam waist position (xf, yf zf), half beam diameter w0, and the bubble 
properties, such as the diameter and the refractive index (11). 

2.3 Imaging Characteristics of Lens System 
The scattered light of the bubble is condensed on the pinhole at the entrance of the photodetector 

by the imaging lens as shown in Figure 4. The front focal distance l1 and the back focal distance l2 
satisfy the lens formula l1−1 + l2−1 = f −1 where f is the focal length of the lens. The magnitude of the 
lens system M is calculated as M = −l2 / l1, where the negative sign means the inversion of the image. 
The light amplitude on the image plane, which is on the pinhole, becomes the convolution between 
the apparent light amplitude distribution of the scattered light on the object plane x-z and the 
amplitude point spread function. Thus, the x-polarized light amplitude on the image plane c1(x, z; xb, 
yb, zb) for the scattered light from a bubble located at (xb, yb, zb) is shown as 

, (6) 

, (7) 

where s1(x, z; xb, yb, zb) is the apparent x-directional light amplitude of the scattered light on the 
object plane (12). The amplitude point spread function h(x, z; yb) is given by 

, (8) 

, (9) 

, (10) 

, (11) 

where J0, n, α, NA, and DL are the first-kind zeroth-order Bessel function, the refractive index of the 
medium surrounding the lens, the angle of aperture, the numerical aperture, and the aperture 
diameter of lens, respectively (13). The optical wavenumber k is given by k = 2π / λ where λ is the 
optical wavelength.  

2.4 Photodetector Output 
The apparent x-polarized light amplitude s1(x, z; xb, yb, zb) in Eq. 7 can be calculated from the 

scattering function shown in Eq. 4. The spatial Fourier transformation S1’(νx, νz) of the apparent 
x-polarized light amplitude for a bubble at origin s1’(x, z) = s1(x, z; 0, 0, 0) is given by 

, (12) 

where νx and νz are the x- and z-directional spatial frequency, respectively. The spatial frequencies 
are related with the propagation angle of the scattered light as (14) 

, (13) 

. (14) 

S1(θ,φ) =
2l +1
2l(l +1)

− jmα lmπ l
|m|(θ)+ β lmτ l

|m|(θ)⎡⎣ ⎤⎦
m=− l

l

∑
l=1

∞

∑ exp( jmφ)

S2(θ,φ) =
2l +1
2l(l +1)

jmβ lmπ l
|m|(θ)+ α lmτ l

|m|(θ)⎡⎣ ⎤⎦
m=− l

l

∑
l=1

∞

∑ exp( jmφ)

c1(x, z;xb , yb , zb ) = c1 '(x / M , z / M ;xb , yb , zb )

c1 '(x, z;xb , yb , zb ) = s1(x, z;xb , yb , zb )*h(x, z; yb )

h(x, z; yb ) = P(ρ, yb )J0 kρNA x2 + z2( )
0

1

∫ ρdρ

P(ρ, yb ) = exp[ j2ybknsin
2(α / 2)ρ2]

NA = nsin(α)

tan(α) = (DL / 2) / l1

S1 '(νx ,ν z ) = s1 '(x, z)exp[2π(νxx +∫∫ ν z z)]dxdz

cos(θ) = λν z

cos(φ) = λνx
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 Figure 3 – Scattered light coordinates																			Figure 4 – Imaging coordinates	
 
Therefore, the apparent light amplitude s1’(x, z) can be obtained by the inverse Fourie transformation 
of the scattering function by replacing the spatial frequency with the converted propagation angle. 
When the bubble is located at (xb, yb, zb), the light amplitude distribution displaces from the origin as 
s1(x, z; xb, yb, zb) = s1’(x − xb, z − zb). The y-directional displacement of the bubble yb does not affect 
the apparent light amplitude but affects the amplitude point spread function of the lens system. From 
the definition of the coordinates shown in Figures 2 and 4, the bubble displacement and the beam 
waist position have a relationship as xf = −xb, yf = −yb , and zf = − zb − zbw where zbw is the distance 
between the lens axis and the beam waist position. The power of the x-polarized scattered light 
passing through the pinhole aperture becomes the integration of the light intensity on the aperture as 

. (15) 

Similarly, the power of the y-polarized scattered light passing through the pinhole aperture is 
expressed as 

, (16) 

where c2(x, z; xb, yb, zb) is the y-polarized light amplitude on the image plane. The output of the 
photodetector, O(xb, yb, zb), is proportional to the total power as 

. (17) 

3. Simulation of Measurement Property of Optical System 

3.1 Experimental Setup of Measurement System 
The schematic diagram of the experimental setup is shown in Figure 5. A bolt-clamped 

Langevin-type transducer (BLT) with a horn radiates ultrasound into the water in a glass vessel with 
an inner dimension of 40×40×68 (mm3). The diameter of the horn output surface is 30 mm. The BLT 
is driven by the sinusoidal voltage with frequency of 19.29 kHz. The acoustic cavitation bubbles as 
the measurement targets mainly distribute just below the horn surface.  

The acoustic cavitation bubbles below the horn are irradiated by a Gaussian laser beam generated 
by a He-Ne laser source. The beam waist is located at the exit aperture of the laser source and has 0.4 
mm of half beam diameter. The distance between the exit aperture and the horn axis is 600 mm. The 
scattered light from the bubbles enters a lens and the condensed scattered light is measured with an 
avalanche photodiode module (APD). The front focal length of the lens is 80 mm and the diameter of 
the lens aperture is 48 mm. The diameter of the active area, which corresponds to the diameter of the 
pinhole aperture, is 1.5 mm. The magnification of the lens system is 3 and the numerical aperture is 
0.287. Thus, the object plane equivalent pinhole diameter d / |M| is 0.5 mm. 
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Figure 5 – Experimental setup  

 
The output signal of the APD is recorded via an analog to digital converter (ADC). The sampling  

frequency of the ADC is 25 MHz. The recorded signal of the APD is band-limited below 10 MHz by 
the frequency response of the APD. The driving voltage and the current fed to the BLT are 
simultaneously recorded by the ADC and the driving power is calculated.	

3.2 Spatial Sensitivity Characteristics to Bubble Position 
Numerical simulation of the photodetector output was performed to reveal the characteristics of 

the proposed method. The bubble position dependence of the photodetector output for the bubble 
diameter of 10 μm is shown in Figure 6. The photodetector output is normalized by the maximum 
value observed in the simulation for the bubble diameter of 10 μm. photodetector output has a large 
value in the circular region centered at (xb, zb) = (0, 0) on yb = 0 plane as shown in Figure 6(a). The 
diameter of the circular region is almost the same as the object plane equivalent pinhole diameter d / 
|M|. Although the boundary of the region is blurred by the diffraction limit of the lens system and the 
defocus, the shape of the measurement volume in xb-zb cross section is dominated by the shape of the 
pinhole for any yb. The output variation along the xb-axis is caused by the radial light intensity 
variation of the incident Gaussian laser beam. On the zb = 0 plane, as shown in Figure 6(b), the 
photodetector output decreases with increasing |yb| because of not only the intensity variation of the 
incident laser beam but also the defocusing of the lens system. As a result, the output variation on 
this plane is larger than that on the xb-zb plane as shown in Figure 6(c). Figure 7 shows the simulation 
results for the bubble diameter of 100 μm. The output characteristics are almost the same as the case 
of 10 μm except for the absolute value of the output. The photodetector output is normalized by the 
maximum value in each simulation. Thus, the maximum values are both unity but the absolute 
maximum value for the 100 μm case is about 102 times larger than that of 10 μm case. 

Let we define the measurement volume V as the region where the photodetector output has a value 
larger than 1/e2 of its half maximum value as 

 

Figure 6 – Bubble position dependence of photodetector output for bubble diameter of 10 μm. (a) Output 

on xb-zb plane. (b) Output on xb-yb plane. (c) Output along xb and zb-axis. 
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Figure 7 – Bubble position dependence of photodetector output for bubble diameter of 100 μm. (a) Output 

on x-y plane. (b) Output on x-z plane. (c) Output along xb and zb-axis. 

            

Figure 8 – Probability of existing k bubbles            Figure 9 – Relationship between bubble diameter 

in measurement volume                            and photodetector output  

. (18) 

The measurement volumes calculated from the simulation result for the bubble diameter of 10 and 
100 μm are 142.6×10−3 and 138.4×10−3 mm3, respectively. These values are almost the same as the 
simple approximation value 157.0 ×10−3  mm3 calculated with Eq. 1. The probability of existing k 
bubbles, whose diameter is 10 μm, in the measurement volume calculated with Eq. 2 is shown in 
Figure 9 for the bubble number density N of 5, 10, and 20 mm−3. For the bubble number density of 5 
mm−3, the probabilities for k = 0 and 1 are high. Thus, when the relatively low number density 
condition, the photodetector output represent the signal from a single bubble. 

3.3 Bubble Diameter Dependence of Photodetector Output 
The relationship between the photodetector output and the bubble diameter is shown in Figure 9. 

The plots are for four bubble position and the dashed line showing the slope corresponding to the 
square of the diameter is also plotted. Although the absolute value decreases with increasing the 
distance between the origin of the optical system and the bubble position, the photodetector output 
keeps monotonical increase with the bubble diameter and the square relation with the bubble 
diameter. Therefore, the radial oscillation of the bubble can be monitored from the output signal. 

4. Experimental Results and Discussion 
Figures 10(a-i) – 10(c-i) show the typical waveforms of the photodetector output obtained with 

the above-mentioned setup for the BLT driving power of 6.2, 13.6, and 21.1 W, respectively. The 
waveforms are lowpass-filtered with cutoff frequency of 1MHz. The several peaks of the waveform 
observed in Figure 10(a-i) corresponds to the passing of a bubble in the measurement volume. Figure  
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Figure 10 – Experimentally obtained photodetector output. (a) – (c) correspond to BLT driving power of 

6.2, 13.6, and 21.1 W, respectively. (ii) is magnified plot of square root of (i). 

 
10(a-ii) shows the enlarged view of the peak around 1200th ultrasound period shown in Figure 
10(a-i). The vertical axis shows the square root of the photodetector output to interpret the output to 
the bubble diameter because of the square relation between the output and the diameter. The bubble 
diameter vibrates in almost the ultrasound period. The rapid contraction subsequent to the gradual 
expansion and the bounce after the rapid contraction, which are often observed in the single bubble 
oscillation (6, 7), are observed. This result may indicate that the waveform is derived from the 
oscillation of a single bubble in the measurement volume. 

The number of peaks and the percentage of the time when the photodetector output has a 
relatively high value around 0.05 are increasing with increasing the BLT driving power. This is 
because that the number density of the bubble increases with the BLT driving power and the 
probability of existing bubbles in the measurement volume increases. In the same manner, the 
increase of the region with relatively high photodetector output without a clear peak is caused by the 
increasing of the number of bubbles around the measurement volume, where has relatively low light 
intensity of the incident beam. Thus, the waveforms without the clear peak may be derived from the 
scattered light from the many bubbles not from a single bubble. The clear peak is also derived from 
the sum of the scattered light from the measurement volume and peripheral region, but the 
waveforms in the clear peak may be dominated by a few bubbles in the measurement volume because 
the intensity of the incident laser beam in the measurement volume is much higher than that of the 
peripheral region. Supposing that the output waveform shown in Figures 10(b-ii) and 10(c-ii) is 
derived from a single bubble, the source of the scattered light may be a relatively large bubble 
because the rebound has not occurred and these have rectified sinusoidal-like waveform, which is the 
typical waveform of the large bubble in single bubble oscillation. In the case shown in Figure 
10(b-ii), the maximum value of the waveform varied period by period. It may indicate the 
sub-harmonic oscillation of the bubbles. 

5. CONCLUSIONS 
A measurement method of oscillation of a bubble in acoustic cavitation employing the laser 

scattering and the lens system is proposed. The concept and the principle are described and the 
numerical simulation shows that the method can form a tiny measurement volume and the scattered 
light from a single bubble, whose intensity is proportional to the bubble diameter, can be obtained 
with the method. A verification experiment measuring the acoustic cavitation formed under the horn 
of the BLT shows that the measurement system can obtain the single bubble oscillation-like 
waveform and the waveform of the bubble varies with the BLT driving power. Thus, we conclude 
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that the proposed method can measure the oscillation of a single bubble in acoustic cavitation. We 
will try to the further development of the output signal processing technique and the optimization of 
the optical system for the quantitative investigation of the bubble oscillation. 
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with a helical slits transmission rod  
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ABSTRACT 
Ultrasonic welding using planar vibration with a two-dimensional vibration locus shows improved joining 
performance, including increased joining area and welding strength. Therefore, we have focused on 
generating planar vibration by simultaneously driving one-dimensional vibration loci with different 
directions using an ultrasonic vibration source containing a transmission rod with a helical slit. In this study, 
an analysis model of the ultrasonic vibration source with a helical slit transmission rod was created using the 
finite element method. The slit depth at which the ratio of the longitudinal and torsional vibration 
displacement at the tip of the transmission rod were the same in the longitudinal and torsional vibration 
modes was calculated. Based on these results, a transmission rod with helical slits of the selected depth was 
prototyped, and the resonance characteristics of an ultrasonic vibration source containing the transmission 
rod and the vibration trajectory at the tip of the transmission rod were measured. We confirmed that a planar 
vibration was generated by the ultrasonic vibration source containing the transmission rod with helical slits. 
 
Keywords: Ultrasonic, Planar vibration, Helical slit, Vibration loci 

1. INTRODUCTION 
Ultrasonic welding using planar vibration with a two-dimensional vibration locus improves the 

welding performance by increasing the welding area and welding strength compared with welding 
using linear vibration with a one-dimensional vibration locus (1- 3). 

To generate planar vibration, we have examined an ultrasonic complex vibration source using a 
diagonal slit in the transmission rod of a vibration source that consisted of a longitudinal vibrator, a 
horn, and a transmission rod (4, 5). The diagonal slit is formed from several straight slits with an angle 
at the position of a longitudinal vibration node of the transmission rod at equal intervals on the 
circumference of the transmission rod. The longitudinal vibration is converted to the torsional 
vibration at the diagonal slits. The planar vibration is generated by simultaneously driving the sum of 
the longitudinal and torsional vibration in one dimension in different directions at two resonance 
frequencies. However, the impedance is higher at the torsional vibration resonance than at the 
longitudinal vibration resonance, and therefore it is difficult to obtain a sufficient torsional vibration 
amplitude. To tackle this problem, we have focused on generating planar vibration by simultaneously 
driving a one-dimensional vibration locus in different directions with an ultrasonic vibration source 
with a helical slit. 

In this paper, an analytical model of an ultrasonic vibration source with a helical slit was created 
by using the finite element method (FEM). The depth of the helical slit was selected by changing the 
depth of the slit so that the ratios of the longitudinal to torsional vibration displacement at the tip of 
the transmission rod in the longitudinal and torsional vibration resonance modes were the same. A 
transmission rod with a helical slit with the depth determined by the FEM results was fabricated, and 
the resonance characteristics of the ultrasonic vibration source containing the rod and the vibration 
locus at the tip of the transmission rod were measured. 
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2. ULTRASONIC SOURCE WITH A HELICAL SLIT 
Figure 1 shows a schematic of the ultrasonic vibration source with a helical slit. The vibration 

source consists of a 40 kHz bolt-clamped Langevin transducer (HEC-3039P4B, Honda Electronics), 
a flange-integrated exponential horn (diameter of large end face: 30 mm; diameter of small end face: 
12 mm; amplification factor: about 2.9; material: A 2017), and a transmission rod with a helical slit 
connected with screws. The helical slit has a double-helical groove with equal spacing on the 
circumference of the transmission rod. The slit shape on the transmission rod surface is semicircular 
for all slit depths. The helical slit is applied to the transmission rod tip.  
 

 

Figure 1 – Schematic of the ultrasonic source.  

3. SELECTION OF THE HELICAL SLIT 
An analytical model was prepared with the dimensions shown in Fig. 1, and piezoelectric analysis 

was performed with COMSOL analysis software using the FEM to determine the slit depth.  At the 
longitudinal and torsional vibration resonances, the slit depth (radius shape) was varied in steps of 0.1 
mm in the range of 1.0–3.0 mm, and the relationship between the ratio of longitudinal to torsional 
vibration displacement at the tip of the transmission rod and the slit depth was determined. The flange 
was fixed and restrained. 

Figure 2 shows the results of the piezoelectric analysis.  
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Figure 2 – Relationship between slit depth and ratio of torsional to longitudinal vibration 

amplitude. 
The vertical axis represents the ratio of torsional to longitudinal vibration displacement amplitude at 
the tip of the transmission rod and the horizontal axis represents the slit depth.  Open circles indicate 
the ratio at the longitudinal vibration resonance frequency, and the blue circles indicate the ratio at 
the torsional vibration resonance frequency. The ratios were both about 1.5 at a slit depth of 3.0 mm. 
A larger planar vibrational area was obtained when the ratios agreed with values close to 1.0. Thus, 
the dimensions of the helical slit were selected as a slit depth of 3.0 mm and a pitch (straight distance 
of slit from start to end) of 54 mm. 

Figure 3 shows the longitudinal and torsional vibration resonance frequencies as a function of the 
helical slit depth. The analytical model for a slit depth of 3.0 mm has a longitudinal vibration 
resonance frequency of 37.4 kHz and a torsional vibration resonance frequency of 38.1 kHz.  
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Figure 3 – Resonant frequency of longitudinal and torsional vibration as a function of slit depth.  

4. RESONANCE CHARACTERISTICS OF ULTRASONIC VIBRATION SOURCES 
Based on the piezoelectric analysis, a transmission rod with a helical slit of slit depth of 3.0 mm 

was fabricated. The resonance characteristics of an ultrasonic vibration source containing the rod were 
measured. The admittance was measured considering the frequency of the electricity supplied using 
an impedance analyzer (ZGA 5920, NF). The driving voltage of the ultrasonic vibrator was 1.0 Vrms. 
The ultrasonic vibration source was placed on polyester wadding 5 mm thick (unfixed flange, Fig. 4 
(a)) or the flange was fixed with a duralumin jig (fixed flange, Fig. 4 (b)). 

Figure 5 shows the resonance characteristics for the unfixed (black circles) and fixed flange (red 
circles). The vertical axis represents conductance and the horizontal axis represents frequency. The 
unfixed flange produced two resonances at 37.7 and 36.8 kHz, whereas the fixed flange produced one 
resonance at 37.5 kHz. The resonance frequency around 37.5 kHz was similar to that obtained from 
the FEM analysis. 

 
Figure 4 – Photographs showing the unfixed and fixed flange conditions.  

y
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Figure 5 – Frequency characteristics for the unfixed and fixed flange conditions. 

5. VIBRATION LOCUS OF THE ULTRASONIC VIBRATION SOURCE 
To examine the locus of the vibration obtained from the ultrasonic vibration source,  the vibration 

locus at the tip of the transmission rod was measured with two laser Doppler vibrometers at the 
resonance frequency obtained from the resonance characteristics. The driving voltage was 10 Vrms. 
Figure 6 (a) and (b) show the vibration loci for the unfixed and fixed flange conditions, respectively. 
The longitudinal vibration displacement amplitude is shown on the horizontal axis and the torsional 
vibration displacement amplitude is shown on the vertical axis. For driving frequencies of 37.7 and 
36.8 kHz, the vibration loci each had a linear locus (Fig. 6 (a)). A planar vibration locus was obtained 
when the source was driven simultaneously at both resonance frequencies. The ratio of torsional 
vibration displacement to longitudinal vibration displacement was similar to the analytical result. On 
the other hand, the vibration locus at a driving frequency of 37.5 kHz was a linear locus (Fig. 6 (b)), 
and the torsional vibration amplitude was smaller than that in Fig.  6 (a). Therefore, fixing the flange 
suppressed the torsional vibration amplitude. 
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Figure 6 – Vibration loci for the unfixed and fixed flange conditions. 

6. CONCLUSIONS 
A transmission rod with a helical slit was fabricated based on FEM calculations, and the resonance 

characteristics and vibration loci of the ultrasonic vibration source containing the transmission rod 
were investigated. The FEM analysis results showed that the ratios of torsional to longitudinal 
vibration displacement amplitude at the longitudinal and torsional vibration resonances were both 
about 1.5 at the tip of the transmission rod for a helical slit depth of 3.0 mm. A transmission rod with 
a helical slit with a depth of 3.0 mm was fabricated and the resonance characteristics were measured. 
For the unfixed flange conditions, two resonances were obtained at 37.7 and 36.8 kHz, whereas for 
the fixed flange conditions, one resonance was obtained at 37.5 kHz. The transmission rod tip only 
had a planar vibration locus with the unfixed flange. This result indicated that the torsional vibration 
was suppressed by fixing the flange. In addition, the discrepancy between the analysis results and the 
measurements arose because the coupling screws connecting the vibrator, horn, and transmission rod 
were not considered in the analytical model. Therefore, a more realistic analytical model is required. 
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A study on the relationship between speed of sound image and 
evaluation value of moving sound image 
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ABSTRACT 
The overall aim of this research is to develop a high-presence sound system for an emergency drill 
simulator using a virtual reality display system that runs on a personal computer.  Previous studies 
have reported systems that provide high-presence sound, but these systems needed powerful 
computers to perform the required processing.  With our proposed method, the processing is reduced 
by using a discontinuous moving sound image given by discrete coordinates.  We evaluated the 
synchronization of the moving sound image by conducting an experiment in which pairs of stimuli 
were compared.  In the experiment, moving sound images with different speeds were compared in 
order to obtain a threshold for the number of discrete coordinates of the moving sound image to realize 
high presence.  We analyzed the relationship between the evaluations and the speed using a paired 
comparison method.  The results showed that the evaluation of the realism depended on the speed of 
the sound image. 
 
Keywords: Moving sound image, Discontinuous moving sound image, Subjective evaluation, Pair 
comparison method 

1. INTRODUCTION 
A number of systems have been developed to reproduce highly realistic sound.  For example, Ise 

et al. developed a high-presence interactive sound field (1) based on the boundary-surface control 
(BoSC) principle (2).  Poletti defined the theory of three-dimensional sound systems on the basis of 
spherical harmonics (3).  Highly realistic sound systems are necessary to produce higher immersion, 
such as virtual reality content.  For example, Hamasaki et al. developed a 22.2 multichannel sound 
system for ultra-high-definition television systems (4).  However, such systems are very expensive 
because they require a powerful computer to perform a huge amount of calculations. 

Our aim is to develop a highly realistic sound system for an emergency drill simulator and to have 
the system run on a personal computer.  Reducing the frame rate enables the size of transmitted video 
to be reduced (5).  We have proposed a method for reducing the amount of required processing by 
giving discrete coordinates to a sound image and moving it discontinuously.  In many cases, sound 
image was given by the difference of sound pressures and time delay as in stereo system.  In our 
experiments, sound image was given by an acoustical panning technique; the difference of sound 
pressures, and it was obtained good localization (6). 

The moving sound image was shown with a continuous movie.  When visual capture occurred, the 
moving sound image was perceived as being natural (7).  Some studies have clarified the conditions 
under which visual capture occurs for a continuous moving image (8, 9).  However, the conditions 
under which it occurs when a discontinuous moving sound image is displayed remain unclear.  
Moreover, the effect of the speed of the sound image on the conditions has not been investigated. 

In this paper, we propose a moving sound image technique that uses a visual effect to simplify 
sound images.  In this study, we presented moving sounds in conjunction with moving sound icons 
at fast and slow speeds with stereo speakers.  We conducted an experiment to evaluate the 
synchronization between a sound image moving discontinuously and a movie of icon moving 
continuously. 
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2. TECHNIQUE FOR MOVING SOUND IMAGE 
We proposed a technique to reduce the amount of processing by using a sound image that moves 

discontinuously (6).  The sound image was moved the same distance and at the same speed by using the 
difference in sound pressure between left and right channels.  Figure 1 shows the concept of the moving 
sound and movie and figure 2 shows the definition of the parameters for sound image localization.  Let D 
be the length of an arc between two loudspeakers which the center is the observer.  The velocity of the sound 
image 𝑣𝑣 is given by the following equation: 

v = D/(tmax – t0). (1) 
When the sound image is given different levels in stereo speakers by using an acoustical panning 

technique.  It was easy for reducing the amount of required processing (10).  Our previous research shows 
that accuracy of the sound image localization was high, and the location identification was around the 
theoretical value (6). 

The amplitudes of the left channel 𝐴𝐴𝐿𝐿 and the right channel 𝐴𝐴𝑅𝑅 are different.  Here, S(t) is the input 
signal, 𝑃𝑃𝐿𝐿 is the sound pressure output from the left, and 𝑃𝑃𝑅𝑅 is the sound pressure output from the right 
channel, with 𝑃𝑃𝐿𝐿 and 𝑃𝑃𝑅𝑅 thus given by the following equations, 

𝑃𝑃𝐿𝐿 = 𝐴𝐴𝐿𝐿𝑆𝑆(𝑡𝑡), 
𝑃𝑃𝑅𝑅 = 𝐴𝐴𝑅𝑅𝑆𝑆(𝑡𝑡). 

(2) 
(3) 

The sound pressure at the center of the observer’s head is given by the following equation: 
𝑃𝑃 = (𝐴𝐴𝐿𝐿 + 𝐴𝐴𝑅𝑅)𝑆𝑆(𝑡𝑡). (4) 

In Figure 2, x gives the location of the sound image on the arc between loudspeakers centered at the 
observer.  The arc is divided in the number of 𝑥𝑥𝑚𝑚𝑚𝑚𝑚𝑚.  The amplitudes of the left channel and the 
right channel at x are given by 

𝐴𝐴𝐿𝐿 = 𝐶𝐶1(𝑥𝑥𝑚𝑚𝑚𝑚𝑚𝑚 − 𝑥𝑥) 
𝐴𝐴𝑅𝑅 = 𝐶𝐶1𝑥𝑥 
𝐴𝐴𝐿𝐿 + 𝐴𝐴𝑅𝑅 = 𝐶𝐶2 

(5) 
(6) 
(7) 

where 𝐶𝐶1 and 𝐶𝐶2 are constants, and P is always constant because the distance between the sound 
image and observer is also constant.  Figure 3 shows the time waveform of 𝑃𝑃.  The time waveform 
of 𝑃𝑃𝐿𝐿 and 𝑃𝑃𝑅𝑅 in the case where 𝑥𝑥𝑚𝑚𝑚𝑚𝑚𝑚 = 4 is shown in Figure 4 and the waveform in the case where 
𝑥𝑥𝑚𝑚𝑚𝑚𝑚𝑚 = 150 is shown in Figure 5.  The icon for movie moved same direction as the sound image at 
30fps.  The icon size is constant because it moved on the arc. 

We presented sound and movie stimuli and evaluate whether they were perceived as being 
synchronized by using a paired comparison method. 

 
 
 
 
 

 
 
 
 
 
 
 
 

 
 
 
 

 
 
 
 

 
 

Figure 2 – Location examples of sound image 
Each location 𝑥𝑥𝑖𝑖 is of a moving sound image 

Figure 1 - The concept of the moving sound 
and movie 
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3. EXPERIMENTS TO EVALUATE SYNCHRONIZATION 
We measured the synchronization between a moving sound image and a moving icon.  The type 

of sound used for moving sound is the siren of a Japanese ambulance in both experiment.  The 
Doppler effect didn’t include in the experiment because the sound image was moved the same distance 
and speed from the observer. 

3.1 Stimuli Patterns 
The length of the stimuli had four patterns: 1.3 s, 2.5 s, 5.0 s, and 10 s; therefore, the speeds of the 

sound image were 36.8 deg/s, 18.4 deg/s, 9.2 deg/s, and 4.6 deg/s, respectively.  The total number of 
discrete coordinates for the sound images was 150.  We used an ambulance as the icon for the moving 
sound.  The movie stimuli were produced at 30 fps. Table 1 shows the four patterns of stimuli used 
in the subjective experiment. 

 
 
 
 
 
 
 

 
 

 
 
 
 
 
 
 

Figure 5 – Time waveforms of sound stimuli in 
left and right channels, where 𝑥𝑥𝑚𝑚𝑚𝑚𝑚𝑚= 150 

Figure 4 – Time waveforms of sound stimuli in 
left and right channels, where 𝑥𝑥𝑚𝑚𝑚𝑚𝑚𝑚= 4 

Table 1  Categories of stimuli 

Figure 3 – Time waveform for mixed right channel and left channel 
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3.2 Experimental environment and procedure  
The stimuli were played back using 24-inch PC monitors (DELL P2416) and USB loudspeakers 

(Towa Electronics, Olasonic TW-S7).  The distance between the monitor and the observer was 60 cm 
and the viewing angle 46 degrees.  The 11 observers were college students in their twenties. 

We presented a pair of stimuli to the observer and asked to him or her to indicate on a questionnaire 
whether the moving sound was synchronized with the moving icon.  Figure 6 shows a conceptual 
representation of the experiment.  Four patterns of stimuli were arranged as six different pairs and 
we presented these pairs to each observer in a random order.  For each pair of stimuli, the stimulus 
presented first was named A and the stimulus presented second was named B.  The interval between 
A and B was 2 s.  After all the pairs were presented, we showed the stimuli in reverse order for each 
pair. In the questionnaire, the observers entered their evaluations of the synchronization on a 7-point 
scale.  The evaluations were analyzed using Ura’s method of paired comparison (11). 

 
 
 
 
 
 
 
 
 
 
 

 
 

4. ANALYSIS OF ACCURACY AND SYNCHRONIZATION MEASUREMENTS  
Figure 7 shows the analysis of these evaluations.  As shown in the figure, speed affected the 

evaluation of the synchronization.  The arrow in the figure shows the confidence interval used to 
assess the significance.  The case where the speed was 18.4 deg/s is considerably different from the 
case where the difference was 36.8 deg/s.  It indicates that when the speed is faster, the evaluation is 
lower.  Figure 8 shows the analysis results for the relationship between the number of sound images 
𝑥𝑥𝑚𝑚𝑚𝑚𝑚𝑚 and the evaluation of the synchronization and Table 2 shows the ten patterns of stimuli used in 
the subjective experiment (12).  A number next to a letter in the figure indicates the value of 𝑥𝑥𝑚𝑚𝑚𝑚𝑚𝑚.  
In the case where the speed of the sound source is 9.2 deg/s, there is no great difference in the 
evaluations between S150 to S10, in the result for this speed means that 𝑥𝑥𝑚𝑚𝑚𝑚𝑚𝑚 = 10 is not over the 
threshold for being proposed as the number of locations of a continuous moving sound.  In contrast, 
in the case where the speed of the sound source is 18.4 deg/s, there is a considerable difference in the 
evaluations between F150 to F10, in the result for this speed means that 𝑥𝑥𝑚𝑚𝑚𝑚𝑚𝑚  = 10 is over the 
threshold for being proposed as the number of locations of a continuous moving sound.  In summary, 
when the number of sound images was less, the evaluation was lower. 

These experiments demonstrated that speed affects the evaluation of synchronization, as shown in 
Figures 7 and 8.  When the speed was faster, the length of video was shorter.  We think that the 
decreasing synchronization was due to the length of time available for presentation of the sound image 
icon being too short when the speed was fast.  

To construct a system meeting the objective of this research, we need to obtain a threshold for the 
number of discrete coordinates for a moving sound image when the observer moves the head to search 
for the sound source. 

 
 
 
 
 
 
 
 

Figure 6 – Experiment composition 
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5. CONCLUSIONS 
Our aim was to reduce amount of processing used to generate visual effects for developing a high-

presence sound system that runs on a personal computer.  In this study, we measured the effect of the 
speed of a sound image on the synchronization between sound and movie.  The analysis of the 
evaluations of the synchronization shows that the evaluation of realism depends on the speed of the 
sound image.  In future work, we will investigate sound images moving at various speeds. 
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Abstract
In this paper we derive a physically motivated approach to handle the simulation of moving sound sources and
receivers including phenomena such as the Doppler effect in audio signal processing by using the concept of
retarded time in a very rigorous way. After recapitulating the physical basis of moving point-like sound sources
and receivers we derive an alternative formulation of the received signal based on superposition of Green’s
functions and transfer it to a system theory point of view. A first proof of the validity of this formulation is shown
for continuous-time systems. Afterwards we consider a discrete-time implementation and reveal the strengths
and the limits of this approach. Finally a binaural receiver is added to the model. The proposed formulation is
anchored on a physical basis and therefore it handles physical effects inherently. Beside the correct reproduction
of the Doppler frequency shift it also includes the physically attested amplitude shift and further phenomena.
Nevertheless the specific implementation for discrete-time signal processing can be challenging. We present a
possible implementation and verify some simulation examples against physically predictable features. It turns
out that the results of the presented approach and the physical prediction match with high precision.
Keywords: Dynamic Rendering, Binaural, Doppler Effect

1 INTRODUCTION
Virtual acoustics is a key feature in virtual reality and multimedia applications [1] and has been investigated in
the past years in various ways. For the directional listening with headphones the use of head-related impulse
responses (HRIRs) is the state-of-the-art technique [2] although there is still much ongoing research in this
field. The theory is well known for static scenes, where sound source and receiver have static positions and
orientations and, therefore, the distance between sound source and receiver can be described as a delay-line and
amplitude attenuation. Furthermore, many approaches have been presented how to handle motion of source and
receiver. The dynamic or time-varying acoustic environment, however, exhibits a number of sound features that
require particular care, e.g., Doppler shift, amplitude modulation, or spatial mislocalization of sound sources.
To address dynamic virtual acoustic environments there are phenomenological approaches which try to mimic
physical features without calculating the whole true physical process and, on the other side, physical simulations
of the whole acoustic field which suffer from a very high computational effort. The first kind calculates expected
features such as Doppler shift or time delays and mimics it, e.g., by fractional delay lines that cover only a part
of the physical truth [10, 11, 3, 5, 4]. The second kind uses comprehensive simulations of the acoustic field,
e.g., by boundary elements methods [7] but is limited due to high computational effort.
The presented approach is positioned inbetween as it derives a point-to-point description for moving sound
sources and receivers from a deep physical starting point. In contrast to work such as [8] where an analytically
calculated transfer function based on the physical basis is used for the inverse process, our approach starts at a
more basic level of physical description. The desired physical phenomena, such as the Doppler shift, amplitude
shift, or further small nonlinearities, are thus generated inherently. Basically the derived description is grounded
on a rigorous utilization of the concept of retarded time. In [12] it is shown that already pure azimuthal binaural
rendering with constant distances benefits from this treatment of retarded time. Nevertheless, in this paper, the
concept is derived from a more fundamental physical basis and also radial velocities are considered.
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~xr(t)

θ

R = c · (t − τ)

Source
~xs(τ) = vτ~e1 ~xs(t) = vt~e1 ~e1

v · (t − τ) = vR/c xr,1(t)− vt

Rcosθ = xr,1(t)− vt +MR

Figure 1. Sound source moving along the ~e1 axis, according to [9].

2 SOUND FIELD OF MOVING SOUND SOURCE AT MOVING RECEIVING POINT
In a first step we review the physical description of a moving sound source. In particular we will constrain
ourselves to point-like sound sources. We start with static source and receiver positions and follow [9] defining
a velocity potential ψ by ∂ψ

∂xi
= −ρ0νi where ρ0 is the static pressure, and νi is the sound particle velocity in

the i-th spatial direction. Thus, according to linearized acoustic Euler equation,

p =
∂ψ

∂ t
(1)

is the sound pressure. We define the sound source by a rate of mass flux q(t). In a scene with a statically
positioned source q(t) at the origin of the coordinate system we get the non-homogeneous wave equation(

∆− 1
c2

∂ 2

∂ t2

)
ψ =−q(t)δ (x1)δ (x2)δ (x3) (2)

where c is the speed of sound and δ (xi) is the spatial delta distribution. The solution is given by

ψ =
q(t− r/c)

4πr
, r =

√
x2

1 + x2
2 + x2

3. (3)

Now we move the source with the velocity v along the ~e1-axis as visualized in Fig. 1. Therefore we get(
∆− 1

c2
∂ 2

∂ t2

)
ψ =−q(t)δ (x1− vt)δ (x2)δ (x3). (4)

Morse and Ingard [9] obtained, using Lorentz transform and multiple substitutions, the solution

ψ =
q(t−R/c)

4πR(1−M cosθ)
(5)

where R is the distance between emission point ~xs(τ) at retarded time τ = t−R/c and receiving point ~xr(t) of
the sound received at time t. The angle θ is visualized in Fig. 1 and R has been found to be

R =
M(x1− vt)+

√
(x1− vt)2 +(x2

2 + x2
3)(1−M2)

1−M2 , M =
v
c
. (6)

2.1 Alternative way of the solution
For a more general trajectory of the source (and receiver) we now choose another description. The solution to
the non-homogeneous wave equation for acoustic waves(

1
c2

∂ 2

∂ t2 −∆
)

ψ = δ (~x)δ (t) (7)
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with a given point-like source in space and time is Green’s function

ψ = G(~x, t) =
1

4π

δ (t−|~x|/c)
|~x| . (8)

For a source distribution with only a single point-like source q(t) positioned at ~xs(t)

Q(~x, t) = q(t)δ (~x−~xs(t)) (9)

we can get the velocity potential at receiving point ~xr as superposition of elementary solutions by

ψ(~xr, t) =
∫∫

G(~xr−~x, t− τ)Q(~x,τ)d3~xdτ =
1

4π

∫∫ q(τ)δ (~x−~xs(τ))

|~xr−~x|
δ (t− τ−|~xr−~x|/c)d3~xdτ (10)

=
1

4π

∫ q(τ)
|~xr−~xs(τ)|

δ (t− τ−|~xr−~xs(τ)|/c)dτ . (11)

This new description potentially can be used with arbitrary trajectories. For first verification we apply ~xs(τ) =

vτ~e1 and compare the result to (5). The argument of the delta distribution is t− τ−
√
(xr,1− vτ)2 + x2

r,2 + x2
r,3/c

which has its root at τ = t− R
c with R as defined in (6). Due to the derivative of the argument of the delta

distribution ∂

∂τ
(t − τ −

√
(xr,1− vτ)2 + x2

r,2 + x2
r,3/c) = 1−M cos(θ) we get during the integration an additional

factor of 1/(1−M cosθ) and therefore the result

ψ(~xr, t) =
1

4π

q(t−R/c)
R(1−M cosθ)

(12)

is indeed equal to (5).

3 SYSTEM THEORY POINT OF VIEW
In the next step we transfer (11) into a system theory context. We absorb all constants in r0 and therefore

ψ(t) =
∫ r0

|~xr(t)−~xs(τ)|
δ (t− τ−|~xr(t)−~xs(τ)|/c)q(τ)dτ (13)

where we consider now q(t) to be an input signal to our system and ψ(t) to be the output signal at position
~xr(t). Thus, we can identify a time varying, i.e., t-dependent, transfer function as

h(~xr,~xs, t,τ) =
r0

|~xr(t)−~xs(t− τ)|δ (τ−|~xr(t)−~xs(t− τ)|/c) . (14)

When we start with a sound pressure signal s(t) which was measured with a microphone in a stationary case
and, therefore, was achieved by differentiating a velocity potential by time, we have vice versa to integrate
s(t) over time to get a mass flux equivalent q(t). The resulting sound pressure p(t) is achieved by a final
differentiation by

q(t) =
t∫

0

s(τ)dτ , p(t) =
dψ

dt
. (15)

3.1 Proof on specific example
We shall confirm that the proposed approach leads to reasonable results, especially that this approach reproduces
Doppler effect and amplitude modulation inherently. We therefore do an explicit calculation of a moving source
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Receiver

Sourcexs,0 = 0 yr,0

vs vr

Figure 2. Visualization of the tested scene.

and receiver along the first axis of the global coordinate system. The sound source is given by s(t) = sin(ω0t).
The receiver moves with velocity vr starting at xr,0 and the source moves with velocity vs starting at xs,0 = 0 as
visualized in Fig. 2. We further restrict to xs(t) = vst < xr(t) = xr,0 + vrt. The output signal received at xr is

p(t) =
d
dt

∫ r0

|xr(t)− xs(τ)|
δ

(
t− τ− |xr(t)− xs(τ)|

c

) τ∫
0

s(τ ′)dτ
′ dτ (16)

=
d
dt

 c
c− vs

r0

|xr(t)− xs(τt)|
1

ω0
(1− cos(ω0 τt))

∣∣∣∣
τt=
(

t c−vr
c −

xr,0
c

)
c

c−vs

 (17)

=
c(c− vr)

(c− vs)2
r0

|xr(t)− xs(τt)|
sin(ω0τt)−

c2(vr− vs)

(c− vs)2
r0

|xr(t)− xs(τt)|2
1

ω0
(1− cos(ω0τt)). (18)

The root of the delta distribution argument τt =
(
t c−vr

c −
xr,0
c

) c
c−vs

, called “retarded time”, is the emission time
of the sound received at time t and therefore |xr(t)− xs(τt)| is the distance between emission and receiving
point of this sound part. The first of the two terms in (18) equals the results in [9] if we choose vr = 0. The
second term is decreasing with 1/R2 and rather small and therefore not further considered. Nevertheless the
presented approach also recovers these non-linear effects. This second term differs a bit from [9] which can be
explained by a mistake found in [9]. In [9] the second term of 11.2.15 has to be q

4π

(cosθ−M)V
R2(1−M cosθ)3 due to the

outer derivation, and this coincides with (18).
Having a deeper look at the first term of (18), we see the sound pressure is by a factor (c+vs)

2/(c−vs)
2 larger

for a sound source moving towards the receiver compared to a sound source moving away from the receiver.
This amplitude factor is known in literature [9] and reproduced by the presented calculation. An even more
commonly known phenomenon is the Doppler-shift. If we differentiate the phase of the sine in (18) we get

d
dt

ω0τt = ω0
c− vr

c− vs
(19)

which is the Doppler shift as expected.

3.2 With binaural receiver
As the human ears are no point-like receivers we have to consider their characteristics. Usually this is done by
an HRIR ĥl,r(θ ,φ ,τ) depending on the relative angular position, given by azimuth φ and elevation θ , of the
source in the head coordinate system. For a scene with the position ~xr and orientation (e.g, given by a triple of
Euler angles ~αr) of the receiving head and the position ~xs of the point-like source we can calculate the relative
angles φ and θ . Instead of denoting the HRIR with relative angles we can also denote the relative orientation
of the source by absolute positions and orientations with ĥl,r(θ ,φ ,τ) = ȟl,r(~xr,~αr,~xs,τ). As the HRIR describes
the difference between a fictional point-like microphone in the center of the head and the signals at the ears we
can describe the whole transfer function from source to binaural receiver as

hl,r(τ) = ĥl,r(θ ,φ ,τ)∗h(~xr,~xs,τ) = ȟl,r(~xr,~αr,~xs,τ)∗h(~xr,~xs,τ) . (20)

For treating time-varying scenes we associate the position and orientation of the receiver (i.e., ~xr,~αr) with
the receiving time t and the position of the source (i.e., ~xs) with the emission time τ , in analogy to (13).
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This approach has been presented and validated in [12], although we have to admit that the difference between
velocity potential and sound pressure was not taken into account in [12]. The binaural received velocity potential
is then given by

ψl,r(t) =
∫∫

h(~xr(t),~xs(τ),τ1)ȟl,r(~xr(t),~αr(t),~xs(τ),(t− τ)− τ1)q(τ)dτ1 dτ

=
∫∫ 1
|~xr(t)−~xs(τ)|/r0

δ (τ1−|~xr(t)−~xs(τ)|/c)ȟl,r(~xr(t),~αr(t),~xs(τ),(t− τ)− τ1)q(τ)dτ1 dτ

=
∫ 1
|~xr(t)−~xs(τ)|/r0

ȟl,r(~xr(t),~αr(t),~xs(τ),(t− τ)−|~xr(t)−~xs(τ)|/c)q(τ)dτ. (21)

By choosing a unity transfer function for the HRIR, i.e., ĥl,r(θ ,φ ,τ) = δ (τ), it reverts to (13).

4 DISCRETE SOUND SCENE RENDERING
The next step is to transform (21) into a discrete form to use it for digital sound rendering. We denote discrete
sampled signals with square brackets like ψ[k] = ψ(kT ) with discrete-time index k and sampling time T . Thus

ψ[k] =∑
κ

r0

|~xr[k]−~ys[κ]|
ȟl,r(~xr[k],~αr[k],~ys[κ],(k−κ)T −|~xr[k]−~ys[κ]|/c)q[κ]. (22)

There are now some obstacles to overcome:

• The limits for κ range from −∞ to ∞, which means infinite computational effort.

• (k−κ)T −|~xr[k]−~ys[κ]|/c is in general not an integer multiple of T , so that we cannot simply make use
of a discrete sampled version of ȟl,r.

To overcome the second issue we have to temporally interpolate the discrete HRIR for a given orientation
ȟl,r[~xr[k],~αr[k],~ys[κ], · ], shortly denoted by hl/r[· ] or hl/r(·), respectively. As an optimal interpolation we use

hl/r(τ) =
N−1

∑
κ=0

hl/r[κ]si(κ− τ/T ) with si(x) =
sin(πx)

πx
(23)

where N is the order of the discrete HRIR-filter. As a result we get

ψ[k] =∑
κ

N−1

∑
m=0

r0

|~xr[k]−~ys[κ]|
ȟl,r

[
~xr[k],~αr[k],~ys[κ],m

]
si
(

m−
(
(k−κ)− |~xr[k]−~ys[κ]|

T c

))
q[κ] (24)

At this stage we would have to sum over all possible κ , meaning over the whole input signal. Especially we
would have to do this N times for every output sample. This could be very time consuming and would result in
an infeasible problem for continuous audio rendering. One approach to overcome this is to chose an interpolator
with finite size which we will later denote by I(·) instead of si(·).

4.1 More efficient concatenated processing
For more tangible processing we rely on (21) and have a closer look at (14). The impulse response is only
non-zero if the argument of the delta distribution is zero and, thus, we can find a unique mapping from t to τ

and vise versa as long as the velocities are lower than the speed of sound. In other words, this is a mapping
between emission time τ and receiving time t of a distinct sound event. In (17) this mapping from t to τ for
example is done by the definition of τt . We denote the general mapping from t to τ as τ = o(t) where o stands
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Figure 3. Measured amplitude and frequency of received signals, simulation vs. expectation, w = 100.

for originating. Therefore we can write (21) as

ψl,r(t) =
∫∫

h(~xr(t),~ys(τ),(t− τ)− τ1)ȟl,r(~xr(t),~αr(t),~ys(τ),τ1)q(τ)dτ1 dτ

=
∫ [∫

h(~xr(t),~ys(τ),(t− τ1)− τ)q(τ)dτ

]
ȟl,r(~xr(t),~αr(t),~ys(o(t− τ1)),τ1)dτ1

=
∫

ψm(t− τ1)ȟl,r(~xr(t),~αr(t),~ys(o(t− τ1)),τ1)dτ1 . (25)

This describes a subsequent binaural rendering of a mono distance-rendered signal with a retarded source posi-
tion. Thus, in a first step we render the mono sound and simultaneously save the emission time for each output
sample and do a simple binaural rendering of the mono sound using a source position that belongs to this saved
retarded time in a second step. The binaural rendering part in the discrete case is then given by

ψl,r[k] =
N−1

∑̀
=0

ȟl,r

[
~xr[k],~αr[k],~ys[o[k− `]], `

]
ψm[k− `] . (26)

For the radial (distance) rendered part we can set ȟl,r

[
~xr[k],~αr[k],~ys[κ],m

]
= δ [m] in (24) and get

ψm[k] = ∑
κ

r0

|~xr[k]−~ys[κ]|
I
((

(k−κ)− |~xr[k]−~ys[κ]|
T c

))
q[κ] (27)

where we use a finite interpolator I(·) with one-sided width w. Thus, the interpolator has to be evaluated only
for κ in the range

−w≤ κ− k− |~xr[k]−~ys[κ]|
T c

≤ w . (28)

As an additional, external step, we need a discrete integration to get q[k] from s[k] and a discrete differentiation
to get p[k] from ψ[k]. In a first test this is done by first order integration and differentiation as

q[k+1] = q[k]+ s[k]/T and p[k+1] = (ψ[k+1]−ψ[k])/T. (29)

For continuously operating systems an additional anti-windup in the integration can be useful.
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Figure 4. SNR between simulated and predicted signal for various source velocities and window-width w,
performance of full processing and inner time-retardation step compared.

5 EXPERIMENTAL RESULTS
The evaluation of the whole system consisting of radial and binaural part is quite complicated due to the absence
of a ground-truth reference signal. We implemented the whole processing including the binaural receiver using a
continuous-azimuth representation of the HRIR as described in [13] for motions in a 2D plane. Some examples
were rendered, e.g., a passing ambulance that sounded plausible.
A way to evaluate the proposed method with objective measures is the comparison of physically expected
features with the simulation results. Although it tackles only the part in (11) without the integration and differ-
entiation steps, for the angular part we have done such comparisons in [12]. Thus, below we concentrate on the
evaluation of the radial part. A verification of the continuous-time calculation was already done in the sections
before. Therefore the numerical implementation is left for evaluation in this section. For the radial part we
know the results for frequency and amplitude shift in theory. We consider a scene as shown in Fig. 2 with a
1 kHz sine as source signal. For this scene we know the frequency shift is given by ωDoppler = ω0

c−vr
c−vs

and the

amplitude shift is given by Adyn = A0
c(c−vr)
(c−vs)2 . The results for various M = v/c for independent source or receiver

motion is shown in Fig. 3. We see that the numerical simulation meets the physical expectation very well.
For the radial part we can furthermore predict the received signal for the given scene by (18). We use a
moving source in this case with various M = vs/c and compare the numerically simulated signal with the

predicted one. Therefore we calculate an waveform distance defined by SNR =
∑(usimulated−upredicted)

2

∑u2
predicted

and show

the results in Fig. 4a. The simulation was done for the window-widths w = 10;100;1000. We see that the
full processing suffers from higher velocities. Therefore we separated the time retarding part (11) from the
integration and differentiation and plotted the results of inner step (27) additionally in Fig. 4a. This part delivers
constant performance over all velocities and therefore the deteriorating effect for larger velocities is caused
by the implementation of integration and differentiation. When we use a more sophisticated integration and
differentiation Fig. 4b shows an improvement in performance. Here we used q[k] = q[k−1]+ (s[k]+ s[k−1])/2
and an 8th-order central finite difference for differentiation. It should be noted that the SNR is a very rigorous
measure as also small phase-shifts would dramatically affect it, even if they are non-audible.
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6 CONCLUSIONS
In this paper we introduced a new approach to handle moving sound sources and receivers within virtual acous-
tic environments. The presented approach is positioned between phenomenological approaches which try to
mimic physical features without calculating the whole true physical process and, on the other side, comprehen-
sive physical simulations of the whole acoustic field which suffer from very high computational effort. In this
paper we derived a description for moving sound sources and receivers from a deep physical starting point.
Therefore, our approach handles many physical phenomena, such as Doppler shift, amplitude shift, or further
small nonlinearities inherently. We showed the reproduction of these effects in theory and in numerical simu-
lations. This paper is meant to introduce this kind of description for advanced binaural rendering in a general
way. Further improvements in the numerical implementation are possible, e.g., by more sophisticated interpola-
tion algorithms [6] or better integration and differentiation techniques.
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Abstract
An approach is presented how to practically determine best-fitting HRTF profiles for individuals wearing con-
ventional headphones and bone conduction headphones. The latter may be particularly useful for visually
impaired people (e.g., for navigation applications), as the outer ear is not covered and the perception of en-
vironmental sounds is not affected. For a fast and user-friendly identification of best-fitting HRTFs, different
tournament methods are compared. There are several studies that investigate (a) aspects of spatial sound per-
ception with bone conduction headphones and (b) tournament systems as selection procedure for best-fitting
HRTFs, but to our knowledge there is no study that analyzes the interdependence of (a) and (b). Compared with
other tournament systems the swiss system tournament produces more accurate results than a knock-out tour-
nament in less time than the round-robin tournament system. By matching the preferred HRTF profiles against
each other early on, a direct comparison between these profiles can be achieved. In addition profiles disadvan-
taged by the randomized algorithm in earlier rounds are not excluded but still matched against similar profiles
worth considering and still have a chance to compete in later rounds. Therefore the swiss system tournament
offers a viable solution in determining fitting HRTF profiles.
Keywords: Tournament System, HRTF, bone conduction Headphones

1 INTRODUCTION
The usage of spatialized audio in VR and AR applications generates high immersion and helps listeners/individ-
uals navigate through virtual environments more intuitively. Studies have shown that these solutions turn out to
be helpful as user guides for auditory displays and similar interfaces [12, 14]. Spatialized audio cues in AR and
MR applications can be used to draw the user’s attention to points of interests [3]. In conjunction with head-
phones, head-related transfer functions (HRTF) become essential for a natural (auditory) perception in virtual
reality. These functions simulate the outer ear of the user which in turn give directional features to the sound
signals. As each person has a unique HRTF, the measurement of individual HRTFs delivers the best auditory
spatial perception results. However, the measurement of individual HRTFs is difficult to apply in everyday life.
Alternatively, several methods are proposed here by which the user selects a best suiting HRTF profile out of
many provided profiles. This approach was deemed fit in various studies as offering a compromise between
accuracy and technical feasibility [7, 9].
Because headphones conceal the outer ear of the listener, other solutions for audio in AR and MR applications
include the use of bone conduction headsets. The main advantage is that the user is able to perceive both
sounds from the virtual environment and real life [6, 5]. bone conduction headphones radiate the sound through
the cranial bone via vibrations directly into the inner ear. Visually impaired persons especially need to rely on
their full awareness of their environment in order to avoid accidents - for example, traffic hazards. Therefore,
the area of auditory displays and navigation systems for blind people is supposed to be an important field of
application.
While the relevance of (a) the best-fitting HRTF profiles and (b) the different aspects of sound transmission
and perception with bone conduction headphones has already been a topic of research in different studies, to
our knowledge, the interaction between both areas has not been addressed so far. In an exploratory study, we
investigated this interaction with a small number of participants [11]. A correlation between fitting HRTF profile
and accuracy of the localization test could be shown. In the current study some algorithms have been optimized
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and the number of participants has been increased.

2 AIM
The main objective is the development of a method which allows us to determine fitting HRTF profiles out of
a pool of various profiles for each user. It can be assumed that HRTF profiles have a bigger impact on sound
perception when used with bone conduction headphones, since these types of headphones exclude the outer ear.
Another important objective is the application in everyday life. Consequently, a compromise between accuracy,
technical feasibility and a user-friendly selection procedure of the HRTF profile is important. This includes the
attempt to shorten the time of the selection procedure as much as possible.

3 METHOD
3.1 Tournament Formats
Basically, two HRTF profiles are compared with each other. Many studies suggest tournament formats, such as a
knock-out tournament or round-robin-tournaments [9], or a score system [8] to determine the most fitting HRTF
profile. We decided to use a swiss system tournament format: an advantage of this format is the allocation of
matches between winning profiles which in turn allows a direct comparison and helps obtain a clear result.
The formula for determining the minimum number of rounds for a knock-out tournament where NR is the
amount of rounds and Np is the amount of HRTF profiles equals to

NR = log2(Np) (1)

For a round-robin tournament the formula for determining the minimum number of rounds is

NR = NP −1 (2)

Since a swiss system tournament has no fixed number of rounds, it is necessary to determine the number of
top places to prevent more than one HRTF from taking first place. Since the first place is the only relevant
position, the factor P (number of singled out ranks) is 1:

NR > 0,2∗NP +1,4∗P (3)

Eight HRTF profiles correspond to three rounds in a knock-out tournament, seven rounds in a round-robin
tournament and a minimum of three rounds for a swiss system tournament. While a round consist of several
matches, the total number of matches differs between the tournament variants.
The formula for the number of matches NM for a knock-out tournament is

NM = NP −1 (4)

In this case, there are no iterating rounds: After each round the number of HRTF profiles is halved. The
other two tournament formats have similar rounds where there are no preliminary dropouts of profiles. In a
round-robin tournament the number of matches is equal to the number of profiles minus one times half of the
participants:

NM = (NP −1)∗ (NP

2
) (5)

Considering the minimum number of a swiss system tournament to determine a clear winner (three round with
eight profiles), six rounds were planned for the study:
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NM = (NR)∗ (
NP

2
) (6)

The number of matches would be seven in the knock-out tournament, twenty-eight for the round-robin, and
twenty-four for the swiss system tournament (with six rounds), respectively. Therefore the swiss system tour-
nament is chosen as the preferred tournament system because it is not as time consuming as the round-robin
tournament, but still allows a higher accuracy than a knock-out tournament system where a single loss excludes
the profile from further matches.
In order to increase the accuracy of the swiss system, profiles already assigned to each other in previous rounds
are still allowed, while orthodox swiss systems omit already occurred pairings., e.g., when the first ranked al-
ready had a match with the second rank, it is assigned to the third rank instead. The resulting iterations of the
direct comparison between the HRTF profiles serve as a double check to obtain a clear result between them.

3.2 Participants
In a within-subject design 21 male and 14 female participants with normal hearing took part in the experi-
ment (M = 24.37; SD = 2,75). Each participant had to rate the same stimuli (a) presented over conventional
headphones and (b) over bone conduction headphones.

3.3 Hard- and Software
The devices and software in this project are limited to inexpensive and easy-to-use solutions in order to achieve
a high practicability. Unity is used as a software framework, and the SOFAlizer Plugin is added as a binaural
audio engine that allows switching between different HRTF profiles without delay [4]. As a bone conduction
headphone and a conventional headphone, the Trekz Titanium and Stax SR-507 headphones were chosen, re-
spectively.
The selection of HRTF profiles used in this project consists of a mix of profiles from different databases. Four
profiles were chosen from the CIPIC database [1] and another four from the LISTEN database [13]. The overall
number of HRTF profiles in this project is eight.

3.4 Stimuli
The focus of the intended application is navigation in urban areas. Therefore, the stimuli were limited to sounds
of vehicles and other road users. We chose two different sounds and implemented them in Unity: a driving
car and a drone. These sound objects were positioned and programmed in Unity to move around the object
representing the virtual user’s position. The Audiolistener-Object in Unity represents the user and “perceives”
the sound through his position. The car is positioned in the same height as the user. During phase two (see
Section 3.5), the stimuli tremble laterally to simulate tiny head movements that humans do to improve the
accuracy of sound localization. In addition, four ambient sound objects generating a soundscape are positioned
around the user and form a square.

3.5 Test Procedure
The study is conducted with the participant sitting on a chair. A pink noise sample is played back by the
conventional headphones and the bone conduction headphone. The participant is asked to adjust the level of the
headphones until the perception of the sound is loud enough and satisfactory. No head tracking features will be
used in this study. For determining the direction, the frontal direction of the seated test person will be declared
as twelve o’clock. The whole study consists of two phases:

First phase: In the first phase, a fitting HRTF profile for the user is determined. The swiss system tournament
format is used to match preferred profiles against each other until six rounds are completed. The first stimu-
lus (a car sound) moves around the user in the horizontal plane and enables him to perceive sounds from all
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Figure 1. Screenshot of phase one of the study

directions (in that plane). The second stimulus is a drone sound that moves in an arc from front-left to right
in order to include the perception of the elevation. It is possible to switch between two different profiles (A
and B) during the perception of the sounds. The user is asked to select the preferred profile by means of the
criteria preference, externalization, and envelopment.
Whereas preference and envelopment is referencing to the whole scene, the participant is asked to rate exter-
nalization for the car and the drone respectively, which results in a total of four evaluable items. Each of these
items is represented by a fader which can be moved to different statements ranging from "A far better than B"
to "B far better that A". There is no option to rate both as "equally good" as the aim is to force the participant
to decide for one preferred HRTF profile (see fig.1).
Except for ’preference’, externalization and envelopment is calculated with a coefficient of 1. To prevent ties
between the matches, preference has a higher value/weight, namely 1.5. As long as the rating shifts towards ei-
ther A or B, the HRTF gets a point for the specific item, regardless of how much better the HRTF is compared
to the other one. The maximum number a HRTF can get is 4.5, one point each for envelopment, externalization
(two stimuli), and 1.5 points for preference. The HRTF profile with the most points (of at least 2.5) is the
match winner and gets a tournament point. After all matches have been played, a new ranking is generated.
According to the ranking list, new matches are assigned according to the top-down principle: the first rank
is matched up against the second rank and so forth. After six iterations the profile with the most tournament
points is declared the preferred HRTF profile for the user.

Second phase: In the second phase, each HRTF profile will be assigned to the user once. For each profile
the user is asked to determine the direction of ten randomized stimuli. The participant is requested to use the
angles made by the hands of a clock (half-hours included, see fig 2.). Each tested stimulus will be positioned
anew and moves slightly to the left and right (2 degrees in each direction with a modulation frequency fmod = 5
Hz) during the determination of the direction. The purpose of these movements is the simulation of slight head
movements which are unconsciously made when trying to localize acoustic signals. Since both the conventional
and the bone conduction headphones offer no headtracking, the tiny movements are an attempt to compensate
for it. In contrast the ambient sound objects around the user stay active. The randomization algorithm is pro-
grammed to prevent subsequent stimuli with identical directions: If these events occur, the stimuli are newly
randomized.

The two phases are repeated with the other type of headphones (bone conduction headphones vs. conventional
headphones) subsequently. The order of type of headphones is randomized and evenly distributed among the
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Figure 2. Screenshot of phase two of the study

participants. In this case the starting order changes, i.e., the first participant starts with the conventional head-
phones, and the second with the bone conduction headphones.

4 Results
The results reveal that there is some correlation between the conventional headphones and BCH: Three partici-
pants have exactly the same ranking for the conventional headphones and the BCH. In 13 cases there is at least
one identical HRTF in the same rank for conventional headphones and BCH and in another 13 cases a HRTF
profile is either ranked first or second for both conventional headphones and BCH, respectively. Six participants
do not show overlapping profile rankings for the first or second place.
In both conditions, i.e., stimuli via conventional headphones and via BCH, 46% of the participants had the best
localization result in phase two with the same HRTF profile (rank 1 or 2), which emerged from the tournament
task in phase 1 as best-fitting profile (rank 1 or 2). A McNemar test showed no significant difference between
the two conditions (p = .598; one-sided).

Table 1. Correlations between the headphones in phase one and between phase one and phase two

Correlation between Correlation between
conventional headphones phase one and phase two
and BCH in phase one (for both conventional

headphones and BCH)
One identical HRTF in identical ranks 13 20
One identical HRTF in different ranks 13 12

Identical HRTFs in both ranks 3 -
No Similarities 6 10

Number of participants with two similarities - 7
Total 35 35

As for the comparison between phase one and phase two there is no case where the first and second ranked
HRTF profiles in phase one is also in first and second place in phase two. Twenty participants have at least
one identical HRTF in identical ranks, twelve participants have at least one identical HRTF in a different rank,
corresponding to a total number of 32 cases where a HRTF profile ranked first or second is also ranked first or
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second for the other headphone type. There are seven overlapping cases where participants have two similarities.
Ten participants show no similarities between phase one and phase two, i.e., the profiles ranked first or second
are different between the conventional headphones and the BCH.

5 Conclusion
The study showed that a tournament method, where participants had to rate overall preference, externalization
and envelopment in a simulated scene, correlated well with the results in the following localization task. The
correlation was higher for the conventional headphones condition than for the bone conduction headphones
condition.
While bone conduction headphones have the advantage of not obstructing the outer ear, the transmission of
sound via vibrations still has artifacts and might alter the perception. Conventional headphones use the air as
sound carrier. On the contrary bone conduction headphones rely on solid matter to transmit the sound into the
inner ear. Since the head of each person differs in various characteristics, e.g., size and shape, the density of
the head varies significantly between different people. This further complicates a possible standardization for
any person using these types of headphones. Nevertheless, bone conduction headphones still present a viable
solution for audio in AR and MR environments.
The rating system in phase one still has room for improvement, as the algorithm only sums up the points
of each criteria (preference, externalization and envelopment). Therefore a grading between the HRTF profiles
might improve the selection process of the tournament system. In addition, all elements except the preference
are equally weighted.. Depending on which items are more important and therefore should have more weight
on the result, the matches may have a different winner and lead to a different result. A retrospective adjustment
of the grading is not possible because the process of the swiss system tournament changes accordingly to the
results of the matches. A possible work around might be a simulated swiss system tournament with the collected
data of a Round-robin tournament. While it can work with data on any direct comparison of HRTFs, it can
also falsify the overall result and is therefore not recommended.
While phase two has a satisfactory grading system, where the overall deviation is taken into account, that takes
into account the overall variance, there are some cases that have a negative impact on the outcome., e.g., in-
head-localization and front-back confusion. Especially the latter has a negative impact on the accuracy of the
localization test. How these perceptual artifacts can be taken into account needs to be investigated.
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Abstract
Determining full-spherical individual sets of head-related transfer functions (HRTFs) based on sparse measure-
ments is a prerequisite for various applications in virtual acoustics. However, when applying HRTF interpolation
in the spatially continuous spherical harmonics (SH) domain, the number of measured HRTFs limits the maximal
accessible SH order. This results in a restricted spatial resolution and can cause perceptual artefacts like col-
oration or localization errors. In a previous publication we presented the SUpDEq method (Spatial Upsampling
by Directional Equalization), which reduces these artifacts by a directional equalization based on a spherical
head model prior to the SH transform. This removes direction-dependent temporal and spectral components
and thus reduces the spatial complexity of the HRTF set enabling improved interpolation of HRTFs already at
low SH orders. A subsequent de-equalization recovers energy in higher spatial orders that was discarded in the
sparse HRTF set. In this study we analyze 96 individual HRTF sets and investigate to what extent the perfor-
mance of SUpDEq, which we already analyzed for dummy heads, can be transferred to individual HRTF sets.
The results show that the SUpDEq method clearly outperforms common SH interpolation of individual HRTFs
with respect to the spectral structure and to modeled localization performance.

Keywords: Binaural hearing, Localization, Head-related transfer functions, Virtual acoustic environments

1 INTRODUCTION
A spatial presentation of sound sources is a fundamental element of virtual acoustic environments (VAEs). For

this, monaural and binaural cues, which are mainly caused by the shape of the pinna and the head, need to

be considered. While spectral information serves as main cue to determine elevation, differences between the

signals reaching the left and the right ear allow lateral localization. These binaural cues manifest in interaural

time differences (ITDs) and interaural level differences (ILDs). In many headphone-based VAEs, head-related

transfer functions (HRTFs) are applied to describe the sound incidence from a source, which is typically in

the far-field, to the left and right ear incorporating both, monaural and the binaural cues. Generally, the use

of individual HRTFs is advantageous, for example regarding localization accuracy in the median plane [5].

However, a high number of HRTFs is required to adequately capture the relevant cues for all directions of

incidence which makes the measurements time-consuming and tedious.

To allow an optimized interpolation between the measured directions, complete sets of HRTFs can be measured

on a spherical grid and described in the spherical harmonics (SH) domain [14, 12]. In this case a decomposition

into spherical base functions of different spatial orders N is applied, where higher orders correspond to a higher

spatial resolution. A subsequent inverse spatial Fourier transform at arbitrary angles can be used to recover a

spatially upsampled HRTF set. However, describing sparse HRTF sets in the SH domain results in a limited

spatial order and incorporates an incomplete description of the spatial properties resulting in spatial aliasing

or truncation errors. To avoid spatial alisaing, an order N ≥ kr with k = ω/c, and r being the head radius

is required [11, 4]. For the full audio bandwidth ( f ≤ 20kHz) this leads to N = 32 requiring at least 1089

measured directions when assuming r = 8.75 cm and c = 343 m/s.

Different studies analyzed the artifacts of sparsely measured HRTF sets or examined methods to reduce them
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Figure 1. Block diagram of the SUpDEq method. Left panel: A sparse HRTF set is equalized on the corre-

sponding sparse sampling grid before transformed to the SH domain with N = Nlow. Right panel: The equalized

set is de-equalized on a dense sampling grid. If required, the resulting dense HRTF set can again be transformed

to the SH domain with N = Nhigh.

(e.g. [4, 3, 15, 7]). In this scope we recently introduced the SUpDEq (Spatial Upsampling by Directional Equal-

ization) method [10], which removes frequency-dependent ITDs and ILDs as well as head-related elevation-

dependent spectral features from the HRTFs. SUpDEq applies a spectral division (equalization) of the HRTF

with a corresponding equalization function prior to the SH transform. A directional rigid sphere transfer func-

tion can be used here as equalization function, resulting in a significantly reduced spatial order N. After spatial

upsampling, a de-equalization by means of a spectral multiplication with the same equalization function recovers

a spatially upsampled HRTF set. In this paper we analyze the SUpDEq method for a large number of measured

and simulated datasets.

2 METHOD
The SUpDEq method has been described in detail in [10]. In the following we thus briefly outline the basic

concept. The corresponding block diagram is given in Fig. 1. First, the sparse HRTF set HHRTF measured at S
sampling points Ωs = {(φ1,θ1), . . . ,(φS,θS)} is spatially equalized with an appropriate equalization dataset HEQ

HHRTF,EQ(ω,Ωs) =
HHRTF(ω,Ωs)

HEQ(ω,Ωs)
. (1)

While generally different equalization datasets can be applied, in this study a rigid sphere transfer function

is used [14, p. 227]. The radius of the sphere corresponds to the physical dimensions of a human head, as

ear position φ = ±90◦ and θ = 0◦ is considered. The rigid sphere transfer function can thus be regarded as

a simplified HRTF set featuring basic temporal and spectral components, but leaving out information on the

shape of the outer ears or the fine structure of the head. Thus, by the equalization a time-alignment of the

HRTFs is performed and direction-dependent influences of the spherical shape of the head are compensated.

As a consequence, the equalization with the rigid sphere transfer function considerably reduces the directional

complexity of HHRTF,EQ and thus the required order for the SH transform. As the equalization dataset HEQ can

be calculated based on an analytical description, it can be determined at a freely chosen maximal order, typically

Nhigh ≥ 35. The SH coefficients for the equalized sparse HRTF set are obtained by applying the SH transform
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on the equalized HRTFs up to an appropriate low maximal order Nlow which corresponds to the maximal order

that can be resolved by Ωs. Then an upsampled HRTF set ̂HHRTF,EQ is calculated on a dense sampling grid

Ωd = {(φ1,θ1), . . . ,(φD,θD)}, with D � S by using the inverse SH transform. Finally, HRTFs are reconstructed

by a subsequent de-equalization by means of spectral multiplication with a de-equalization dataset HDEQ

̂HHRTF,DEQ(ω,Ωd) = ̂HHRTF,EQ(ω,Ωd) ·HDEQ(ω,Ωd) . (2)

For de-equalization, again the rigid sphere transfer function is used in the present study. This last step re-

covers energy at higher spatial orders that was transformed to lower orders within the equalization. Again,

HHRTF = ̂HHRTF,DEQ holds if Nlow and Nhigh are chosen appropriately. Energy which, after the equalization, still

is apparent at high modal orders N > Nlow results in spatial aliasing and truncation errors as it is irreversibly

mirrored to lower orders N ≤ Nlow [4]. Thus we obtain HHRTF ≈ ̂HHRTF,DEQ. The following section analyzes

the influence of these deviations for individual datasets and investigates which advantage the SUpDEq method

provides compared to common (order-limited) SH interpolation without any pre- or postprocessing.

3 EVALUATION
In previous publications [10, 9] we investigated the performance of SUpDEq for different artificial heads. How-

ever, one of the target applications of the SUpDEq method is the reduction of the measurement effort of indi-

vidual HRTF sets. Thus, in this study we analyze the performance of the SUpDEq method for the HUTUBS

database which is online available on http://dx.doi.org/10.14279/depositonce-8487. The database con-

tains of 96 acoustically measured and 96 numerically simulated datasets of full-spherical HRTFs (94 subjects

plus 2 repeated measurements of a human subject and an artificial head). For more detailed information on

the database please refer to [6]. We apply the HRTF sets to compare the performance of the SUpDEq method

(de-equalized HRTFs) to HRTFs obtained with with strictly order limited SH interpolation, i.e., without any

pre- or post-processing before or after the SH transform. For this we generated SH coefficients from 15 sparse

sampling grids equaling (limited) orders of N = 1−15. Thus, both order-limited (OL) and de-equalized (DEQ)

sets are based on the same respective sparse grid. To generate various sparse HRTF sets which we used as

input data for the evaluation, we simply spatially subsampled each individual reference set in the SH domain

by means of the inverse SH transform at the required directions. We calculated the optimal radius for the rigid

sphere model for each of the sets according to Algazi et al. [1] based on the individual anthropometry resulting

in an average value over the complete set of r = 9.1 cm (SD = 0.23 cm).

3.1 Spectral differences
First we analyze the spectral deviations to the reference set as a function of N on various test sampling grids

with T sampling points Ωt = {(φ1,θ1), . . . ,(φT ,θT )}. For this the frequency-dependent spectral differences per

sampling point were calculated in dB as

Δg(ω,Ωt) = 20lg
| HHRTF,REF(ω,Ωt) |
| HHRTF,TEST(ω,Ωt) | , (3)

where HHRTF,REF is the left ear HRTF extracted from the reference set and HHRTF,TEST the one extracted from

the order-limited or the de-equalized datasets at the sampling point Ωt . Then, the absolute value of Δg(ω,Ωt)
was averaged across the temporal frequency ω to obtain one value ΔGsp(Ωt) (in dB) per sampling point

ΔGsp(Ωt) =
1

nω

nω

∑
ω=1

| Δg(ω,Ωt) |, (4)

across all sampling points Ωt to obtain the frequency-dependent measure ΔG f (ω) (in dB)

ΔG f (ω) =
1

nΩt

nΩt

∑
Ωt=1

| Δg(ω,Ωt) |, (5)
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Figure 2. Spectral differences in dB (left ear) between the reference HRTF sets and the order-limited (OL) or

de-equalized HRTF sets (DEQ), both based on the respective sparse set, averaged over all 96 datasets. Addi-

tionally the standard deviations are plotted (shaded). The left row (a,c) illustrates the results for the simulated

datasets, in (b,d) the ones for the measured datasets are given. In (a,b) the spectral differences ΔG averaged

over the full audio bandwidth across N for order-limited datasets (red) and the de-equalized datasets (blue) are

given, in (c,d) the frequency-dependent spectral differences ΔG f (ω) for N = 4,7,10,13 (color saturation).

and across ω and Ωt , resulting in a single value ΔG (in dB) describing the spectral difference

ΔG =
1

nΩt

1

nω

nΩt

∑
Ωt=1

nω

∑
ω=1

| Δg(ω,Ωt) | . (6)

Finally, the average values and standard deviations over all 96 datasets were calculated for the simulated and

the measured datasets.

Fig. 2 (a,b) show the spectral differences ΔG across N for order-limited interpolation and the SUpDEq method

(de-equalized datasets) over the full audio bandwidth using the reference Lebedev2702 grid as test sampling grid

Ωt . The SUpDEq method clearly outperforms the order-limited interpolation both for the simulated and the

mesaured HRTF sets. The spectral differences are about 2− 3 dB lower than for order-limited interpolation.

Fig. 2 (c,d) show the frequency-dependent spectral differences ΔG f (ω) at N = 4,7,10,13. Generally, the spectral

differences are quite small at low frequencies. For order-limited interpolation they suddenly rise within one

octave from about 2 dB up to about 5 dB or more above a specific alias frequency. For the SUpDEq method,

however, the spectral differences show a much more gentle rise. The differences exceed 2 dB for frequencies
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Figure 3. Spectral differences ΔGsp(Ωt) per sampling point for order-limited interpolation (a,b) and for the

SUpDEq method (c,d) at N = 4 and f ≤ 10 kHz averaged over all 96 datasets. The left row (a,c) shows the

results for the simulated datasets, the right row (b,d) the results for the measured ones.

above 3 kHz for N = 4, while differences stay below 2 dB for orders of N ≥ 10 up to 10 kHz (DEQ).

Fig. 3 concludes the spectral analysis and shows the spectral differences ΔGsp(Ωt) per sampling point at N = 4,

f ≤ 10 kHz, and a full spherical test sampling grid Ωt with a resolution of 1◦ in azimuth and elevation. As

depicted in Fig. 3 (a,b), the order-limited interpolation results in distinct spectral differences spread over the

entire angular range. On the contrary, Fig. 3 (c,d) shows that for the SUpDEq method the spectral differences

are mainly located at contralateral directions. At frontal directions, where order-limited interpolation typically

performs badly, the SUpDEq method shows good results. The same can be observed for various ipsilateral

directions. The spectral differences are generally higher for order-limited interpolation, with a maximum of

about ΔGsp(Ωt) = 10.4 dB at φ = 262◦ and θ = −10◦ averaged over all subjects for the simulated datasets.

For these datasets applying the SUpDEq method results in a maximal spectral difference ΔGsp(Ωt) of 6.6 dB

at φ = 257◦ and θ = 2◦. Finally, Fig. 3 (b,d) show the same trend for the measured datasets, but reveal large

deviations for the downward directions. This is caused by the acoustic shadowing of the measurement equipment

and is described in detail in [6].

3.2 Localization performance
To compare the localization performance of order-limited HRTFs and de-equalized HRTFs in the median sagittal

plane, we used the model from Baumgartner et al. [2] which compares the spectral structure of a reference

HRTF set to a set of test HRTFs. Based on a probabilistic estimate of the perceived sound source location,

the model determines the polar RMS error which describes the expected angular error between the actual and
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Figure 4. Absolute polar error difference ΔPE (a,b), quadrant error difference ΔQE (c,d), and lateral error

difference ΔLE (e,f) over SH order N for order-limited interpolation (red) and the SUpDEq method (blue)

averaged over the 96 individual datasets. Additionally, the standard deviations are shown (shaded). In the

left row (a,c,e) the results for the simulated HRTF sets are shown, in the right row (b,d,f) the results for the

measured HRTF sets.

perceived source positions. Additionally, it determines the quadrant error rate which specifies the front-back

and up-down confusions. Regarding the localization performance in the horizontal plane, we used the model

from May et al. [8] which weighs the frequency-dependent binaural cues (ILDs, ITDs) to estimate the azimuthal
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position of a sound source. A lateral error can be calculated by comparing the intended and the estimated source

position. For the analysis of both models we used the Auditory Modeling Toolbox (AMT) [13]. The procedure

for determining the errors has been described in detail in [10] and can be outlined as follows. To estimate

median sagittal plane localization performance, we used a test sampling grid Ωt with φ = {0◦,180◦} and −30◦ ≤
θ ≤ 90◦ in steps of 1◦, and assumed a median listener sensitivity of S = 0.76 (according to Baumgartner et al.

[2]). For the horizontal plane localization performance, we used a test sampling grid with φ =±90◦ in steps of

5◦. We determined the absolute polar error difference (PE in degree)

ΔPE =| PEREF −PETEST |, (7)

the absolute quadrant error difference (QE in percent)

ΔQE =| QEREF −QETEST |, (8)

as well as the absolute lateral error difference (LE in degree)

ΔLE =
1

T

T

∑
t=1

| LEREF(Ωt)−LETEST(Ωt) |, (9)

for each order N with the subscripts REF describing the referene dataset and TEST the dataset under test.

Again we calculated the averages and standard deviations over all datasets separated for the simulated and the

measured sets.

As plotted in Fig. 4 (a–d), in the median sagittal plane the order-limited interpolation leads both for the simu-

lated and the measured datasets to higher errors than the SUpDEq method. High-frequency deviations of the

order-limited HRTFs affect spectral cues which are relevant for sagittal plane localization. For the de-equalized

datasets, ΔPE decreases with increasing order N, ΔPE ≤ 2◦ holds for N ≥ 4. Thus the spectral cues seem to

be mostly unimpaired here. The extent of the quadrant error ΔQE varies greatly between the measured and

the simulated sets and lies for the order-limited sets between 4 % (simulated) and 10 % (measured) at N ≥ 7.

However, for the de-equalized datasets, ΔQE is below 2 % at N ≥ 7. Generally, in the median sagittal plane

the average errors are much higher for the measured datasets than for the simulated ones. This is probably a

result of the measurement inaccuracies for downward directions, which as well have been observed in Sec. 3.

In Fig. 4 (e–f) the localization performance in the horizontal plane is shown. Here the order-limited interpolation

performs quite well, even though lateral errors are distinctly amplified at orders N ≤ 3. This might be caused

by strong pre-ringing artifacts causing wrong ITDs, as already discussed in [10]. The SUpDEq method leads to

hardly any increase in lateral error over the entire tested range of N.

4 CONCLUSION
In this paper we analyzed the performance of the SUpDEq method for spatial upsampling of individual sparse

HRTF sets. Regarding the spectral structure, the deviations from the reference HRTF set are significantly smaller

for the SUpDEq method than for order-limited interpolation. The average difference is about 2 dB, both for the

simulated and the measured datasets. Furthermore, the analysis of the spectral diffences showed for the SUpDEq

methods a much more gentle rise over frequency than for the order-limited interpolation. Finally, the spectral

differences induced by the SUpDEq method are mainly at contralateral directions, while the differences due to

order-limited interpolation spread over the entire angular range, with distinct clusters at frontal and contralateral

directions. Regarding the modeled localization performance the SUpDEq method performed better in both planes

because spectral and binaural cues are less impaired in comparison to the order-limited interpolation.

Generally, the evaluation showed that the results found for dummy heads in [10] can be generalized to individ-

ually measured or simulated datasets. Thus, the SUpDEq approach can help closing the gap between a practical

and fast measurement procedure and sufficient accuracy of the upsampled HRTF set. However, for such a sim-

plified procedure other influencing factors like e.g. the elimination of room reflections [9] or the compensation

of small displacements of the human head during the measurement need to be considered.
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ABSTRACT
Previous work has demonstrated the potential of poro-elastic acoustic meta materials for providing increased 
sound absorption at low frequencies. This class of acoustic meta materials consist of a foam poro-elastic 
matrix supporting periodic arrays of small spherical masses or microporous sheets. The increase in sound 
absorption and/or transmission loss occurs either by the resonant dynamic motion of the embedded masses
or by resonant wave scattering between the microporous sheets. In this paper we report preliminary work on 
extending the poro-elastic meta material to include active elements. The intention is to increase the bandwidth 
of the AMM attenuation which, due to it being based upon resonance conditions, is usually narrow. In the 
active poro-elastic meta material some of the embedded masses are replaced with small inertial active 
vibrators with the same weight and similar shape to the static masses. The control approach was a standard 
digital feedforward approach. Tests were carried out with narrowband and broadband plane wave signals in 
a standing wave tube. The results indicate there is potential in using active elements to broaden the frequency 
response of poro-elastic acoustic meta materials. 

Keywords: Meta-material, active, poro-elastic

1. INTRODUCTION
There is a need to develop materials which have improved sound absorption with negligible mass 

increase, particularly at low frequencies. In addition, the availability of designable passive damping 
materials would be useful to the noise control engineer. Past work has demonstrated the potential of 
poro-elastic acoustic meta materials(AMM) to address these needs(1,2,3). These class of AMM 
generally consist of a poro-elastic matrix(foam fiberglass etc) containing embedded small spherical 
masses or thin, polymer microporous sheets. The embedded elements are often positioned in a periodic 
manner, in the general arrangement of meta materials, although this is not always necessary. Figure 1 
shows a poro-elastic AMM consisting of periodically arranged steel spheres embedded in melamine 
foam. The left hand schematic shows the physical arrangement of the spheres embedded in a periodic 
arrangement inside the foam. The right hand picture is a section through a constructed HG material 
showing the spherical masses at one depth. In the finished HG material there is multiple layers of 
foam and masses stacked on top of each other. Other inserts such as plastic and hollow aluminum 
spheres were studied along with different poro-elastic matrices such as polyimide and fiberglass.

The normal incidence absorption coefficients and transmission losses of different free standing 
poro-elastic AMM samples were measured in a standard standing wave tube/TL test facility using two
and four microphones respectively in conjunction with cross spectral techniques to extract the 
parameters. In this test, a 4in sample of polyimide foam was embedded with 36 periodic 7/16in 
diameter spheres of polypropylene and steel with densities 927.8 kg/m3 and 7850 kg/m3, respectively.
The test results were also compared to COMSOL FEM predictions of the AMM material. Some 
example results are given in the Figure 2 below. As can be seen in Figure 2, the numerical results 
agree well with the experimental results using the different embedded masses. For the absorption 
coefficient, the embedded masses/spheres can be seen to significantly increase the absorption 
coefficient of the standard polyimide foam in the low frequency range near 200Hz. The transmission 
loss measurements also show a significant increase in the low frequencies near 250 to 500Hz for both 
steel and polypropylene masses/spheres.

1 cfuller@vt.edu
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Figure 1. Arrangement of a typical poro-elastic AMM material; (a) schematic (b) section of a 
constructed AMM material.

Figure 2. Measured and computed (a) absorption coefficients and (b) transmission losses of 
various free standing poro-elastic AMM materials.
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While the results show much promise, they are limited to relatively narrow band behavior due to 
the controlling resonant dynamics of the AMM system. The AMM effect is either due to resonant wave 
scattering from spatially fixed elements or the dynamic resonance of the embedded elements. This 
narrow band characteristics limits the applicable frequency range (and potentially angle of incidence 
of impinging acoustic waves) of the AMM. In this paper, we summarize preliminary work in which 
active inputs were used in an attempt to broaden the increased absorption/transmission loss range of 
the AMM. 

2. ACTIVE PORO-ELASTIC ACOUSTIC META MATERIALS

2.1 Active AMM arrangement
To create an active AMM we replaced two of the static masses with very small inertial actuators 

as shown in Figure 3. The active masses consist of a small plastic tube containing a circular magnet. 
Coils of wire were wound around the outside of the tube to create a linear inertial vibrator. The active 
mass can be seen to be of similar size and at 6gms, their mass was also very close to that of the 
embedded static masses.

Figure 3. Cross section of a polyimide based AMM with 10 polypropylene masses and two active 
masses and (b) close up of an active mass.

The active AMM was positioned in a standard standing wave/transmission loss test tube as shown 
schematically in Figure 4. The control system used was a digital feedforward system utilizing an 
upstream reference microphone sensor to pick up the sound and downstream error microphone 
sensor(4). Since the control signal will appear on the reference signal, a feedback removal scheme 
was used in the reference loop(4). Both narrowband and broadband noise signals were played through 
the primary sound source speaker.

Figure 4. Schematic arrangement of active AMM positioned in a standing wave tube and digital 
active control system. 
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2.2 Results
For the first tests, we consider narrow band noise excitation at tonal frequencies of 130 and 250Hz. 

Note that for tonal noise, causality of the active system does not have an effect on control attenuation. 
For the second set of tests, we utilize a white noise excitation band limited to 400Hz. In this latter 
case, delay and hence causality through the control path is important in terms of performance. Figure 
5 presents example test results. The narrowband results demonstrate that the use of active elements in
the AMM enhance the transmission loss/noise reduction by close to 20dB. The broadband results show 
that the active elements provide increased noise attenuation over a bandwidth of 50 to 110Hz. 

Figure 5. Performance of the active AMM (a) 130Hz noise signal (b) 250Hz noise signal and (c) 
white noise signal.

2.3 Active poro-elastic AMM for controlling vibration
In other related work active poro-elastic AMM was used to control the vibration of a cantilever 

beam(5), repeated here as it directly relates to this paper. Figure 6 shows a schematic arrangement of 
the test set up.

Figure 6. Schematic of test set up used to investigate active AMM for controlling vibration.
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In the test set up a four inch layer of Melamine foam was glued to the surface of a 3mm thick 
Aluminum cantilevered beam. The beam was driven into motion by a piezo-ceramic actuator(PZT)
located near the root of the beam. Five 6gm inertial masses were embedded in the foam as shown in 
Figure 6 and an array of six accelerometers were positioned on the bottom of the beam to provide a 
global estimate of the beam energy of vibration. A digital feedforward active control system was used 
to drive the inertial active actuators and minimize the vibration at the five of the six accelerometers. 
The reference signal was taken from the electronic disturbance signal to the PZT disturbance actuator. 
The noise drive signal was appropriately delayed after the reference signal to cause the control system 
to be causal. Figure 7 shows a photograph of the test set up. 

Figure 7. Test set for active AMM control of beam vibration.

Figure 8 presents an example result. The solid black curve is the bare beam and can be seen to 
have a number of peaks in the energy of vibration at the beam resonant frequencies. Addition of the 
plain Melamine foam to the beam can be seen to provide some attenuation of vibration at the 
resonances due to damping but little attenuation of vibration away from resonance as is normal passive 
damping behavior. Addition of the active masses with control off and thus creation of a poro-elastic 
AMM can be seen to provide significant additional passive attenuation at the low frequency peak near 
150Hz and also broadband attenuation from 70 to 125Hz. This behavior, as shown in previous 
work(1,2) , is due to the resonances of the embedded masses (inertial actuators) being in the range of 
50 to 150Hz depending upon the depth to which they are embedded. When the active control system 
is turned on, the active AMM can be seen to provide high attenuation of broadband beam vibration 
over a range of 75 to 500Hz both on and off resonance. A global attenuation of beam vibration also 
generally implies an attenuation of the coupler radiated sound although this is somewhat dependent 
upon the radiation efficiency of the different structural mode shapes.

2.4 Discussion on status of active poro-elastic AMM
While the above work has demonstrated the potential of active AMM to enhance the frequency range 

over which they can be applied, this is preliminary work and there are many questions remaining. For 
the work on use of active AMM to directly reduce sound, the results are for normal incidence sound. 
How the active AMM performs under oblique and random incidence sound needs to be studied. 
Another important question concerns the actual physics of the active inputs to the AMM system; are 
the active inputs directly modifying the impedance distribution through the poro-elastic material and
thus its absorption/transmission of sound. In addition suitable wave deconvolving sensors within the 
poro-elastic active AMM need to be developed in order to make the material realizable.
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Figure 8. Results for active AMM control of beam vibration.

3. CONCLUSIONS
The preliminary work presented here has demonstrated the potential of using active inputs to 

broaden the frequency of application of poro-elastic acoustic meta materials for controlling sound and 
vibration. However this was a preliminary investigation and may questions relative to the practical
development and use of such a material remain.
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ABSTRACT
Active Noise Control (ANC) systems have been employed in a variety of applications to provide high per-

formance noise control at low frequencies, within a lightweight and compact package. Recently, acoustic meta-
materials (AMM) have been proposed and demonstrated as an alternative approach to achieving high levels of
noise control. AMM are engineered structures that consist of an array of subwavelength unit cells, which exhibit
behaviour not seen in conventional materials. For example, passive resonators have been designed to achieve
negative effective material properties and manipulate wave propagation. These AMMs, however, typically have
narrow band gaps, where wave propagation is suppressed. When acting as an AMM, ANC systems have been
shown to improve performance, tuneability and adaptability, but physical insights have generally been limited.
Therefore, this paper investigates the effects of traditional ANC on the effective material properties and shows
physical insight through an analysis of the wave propagation within a one-dimensional duct system. The ac-
tive unit cell has then been optimised to directly minimise the effective material properties and a corresponding
physical analysis has been presented.
Keywords: Active Noise Control, Acoustic Metamaterials, negative density, negative bulk modulus.

1 INTRODUCTION
Active noise control (ANC) is an advanced technology that provides high levels of noise control at low

frequencies whilst maintaining a lightweight and compact package, which is difficult to achieve using traditional
passive control treatments. ANC also has the capability to adapt to changes in the acoustic environment, as well
as the ability to shape and manipulate the sound quality. In recent years, an alternative approach to achieve high
levels of noise control at low frequencies within a lightweight and compact package has been developed through
the design of acoustic metamaterials (AMMs). AMMs achieve high performance noise control by designing an
engineered structure consisting of an array of subwavelength unit cells. Since the unit cells are subwavelength,
the entire structure is considered to be a homogeneous medium with an effective density and bulk modulus
that can take on positive, negative and even zero values. These dynamic material properties allow acoustic
metamaterials to achieve behaviour that is not seen in conventional materials, such as near-zero refractive index
[1, 2] and negative effective density [3, 4] or bulk modulus [5, 6] or even both [7, 8]. The greater range of
material properties that are available to acoustic metamaterials allow these materials to not only control the
transmission of sound, but, they have also shown the potential to be used in more novel technologies, for
example, superlenses [9, 10] and acoustic cloaking [11, 12]. Passive acoustic resonators have shown the ability
to achieve negative effective material properties, however, these materials typically have narrow band gaps and
moderate performance due to losses associated with the passive resonators [4, 13]. To overcome the limitations
of passive AMMs, active control has been combined with passive resonators to increase the level of performance
and width of the band gaps whilst increasing the adaptability and tuneability of these materials [14, 13].

Although a variety of active AMMs have been proposed, the active control systems employed within these
materials typically differ from traditional ANC systems. That said traditional ANC strategies have been used
in recent years in the context of AMM to control the transmission of sound using active Helmholtz resonators
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[15] and have also been used to minimise the scattered sound field to create an active acoustic cloak [16]. Fur-
thermore, [17] also identified the links between traditional active control systems and the behaviour of AMMs.

The work presented in this paper will further investigate the effects of traditional ANC systems on the ef-
fective material properties whilst providing physical insight how the active control systems manipulate wave
propagation within a one-dimensional anechoically terminated duct. Using the same one-dimensional duct sys-
tem, this paper will also investigate whether active control can be used to directly control the effective material
properties using an optimisation procedure. Section 2 presents the one-dimensional system used in this study.
Section 3 describes the theoretical formulations of the traditional active control strategy considered in this study
and presents a simulation-based investigation of its performance resulting effective material properties and phys-
ical behaviour. Section 4 describes the optimisation procedure used to minimise the effective material properties
using the active control systems and also presents the results of simulations following the same form as in
Section 3. Finally, Section 5 presents the conclusions.

2 SYSTEM SETUP
Figure 1 shows the one-dimensional duct system used throughout this study. This figure shows that the one-

dimensional system contains a primary source at one end and an anechoic termination at the other end and the
active control unit is placed at the centre of the duct with two pressure microphones located either side of the
active control unit. The traditional ANC strategy considered in this study is the minimisation of downstream
pressure using three different source configurations; a single monopole, dipole and pair of monopole control
sources. Also, using the system shown in Figure 1, a single monopole control source has been optimised
to minimise the effective bulk modulus and a dipole control source has also been optimised to minimise the
effective density.

L

dp2p1 p4p3

C
DB

A

Primary Disturbance Active Control Unit

Anechoic Termination

Figure 1: Diagram showing the rigid terminated duct setup, with the four micro- phone positions and
the location of the active control unit

1

Figure 1. The anechoically terminated duct setup showing the primary disturbance source, the four pressure
microphone positions and the location of the active control unit.

The frequency range of interest has been restricted to low frequencies, where the wavelength is much larger
than the diameter of the duct and, thus, plane wave propagation can be assumed. The total sound pressure at a
point, x, in the duct can be represented by the linear superposition of the pressures due to the primary, pp(x),
and secondary, ps(x), sources and can be written as

p(x) = pp(x)+ ps(x) (1)

where x is the coordinate position in the duct. Following the assumption of plane wave propagation, the sound
pressure due to the primary source can be expressed as

pp(x) =
ρ0c0

2S
qpe−jk|x+L| (2)

where ρ0 and c0 are the density and speed of sound in air, S is the cross-sectional area of the duct, L is
the distance between the primary source and active control unit, k is the wavenumber and qp is the primary
source strength. The following sections will describe the formulation to obtain the secondary source sound field
required to control the downstream pressure and the effective material properties of the fluid medium.
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3 MINIMISATION OF DOWNSTREAM PRESSURE
There has been a wide variety of active control strategies developed for various applications, however, for the

one-dimensional duct control problem the most fundamental active controller aims to minimise the downstream
propagation of the acoustic wave. In the following sections, this control strategy will be formulated for different
secondary source arrangements before the behaviour of these arrangements is evaluated.

3.1 Control Strategy Formulation
The first secondary source arrangement that will be considered here is a single monopole control source

located at x = 0 in the duct and driven to minimise the downstream pressure. Using the formulation described
in [17], the optimal secondary source strength in this case is

qs =−qpe−jkL. (3)

The second case considered in this study is a dipole control source and the sound pressure produced by this
source in the upstream and downstream sections of the duct can be written as [17]

ps(x) =−
f

2S
e−jk|x|, for x < 0 and ps(x) =

f
2S

e−jk|x|, for x > 0 (4)

where f is the dipole force. Using the formulation described in [17] in this case, the optimal dipole force is

f = ρ0c0e−jkL. (5)

When minimising the downstream pressure, the single monopole and dipole control sources increase the
sound pressure in the upstream section of duct. To overcome this limitation, a pair of monopole control sources
can be used to minimise the downstream pressure in the duct whilst producing zero upstream sound radiation.
In this case, the first monopole source is located at x = 0 and the second monopole source is located at x = d,
as shown in Figure 1. To achieve zero upstream sound radiation, the first monopole source strength, qs1, must
be related to the second monopole source strength, qs2, by

qs1 =−qs2e−jkd . (6)

Using the formulation described in [17] in this case, the second monopole control source strength that minimises
the downstream pressure is then given by

qs2 =−qp
e−jkL

2jsin(kd)
. (7)

3.2 Performance Metrics
The performance of each secondary source configuration optimised using the downstream pressure minimisa-

tion control strategy has been assessed using the transmission and reflection coefficients and dissipated energy.
Additionally, the effective material properties have been calculated using the retrieval method described in [18]
so that the behaviour of the ANC strategies can be linked to the metamaterial literature. Using the pressure
at the four microphones shown in Figure 1, the complex wave amplitudes of the four travelling waves can be
calculated, which are indicated by the coefficients A to D shown in Figure 1. The performance metrics can then
be obtained using the complex wave amplitudes and they can be expressed as

T =
C
A
, R =

B
A

and Ed = 1− (|R|2 + |T |2) (8)

where T is the transmission coefficient, R is the reflection coefficient and Ed is the dissipated energy.
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Using the transmission and reflection coefficients, the effective refractive index, ne f f , and impedance, ze f f ,
can also be calculated as [18]

ne f f =
−j ln(φ)+2πm

kd
and ze f f =

ρ0c0q
1−2R+R2−T 2

where

q =
√
(R2−T 2−1)2−4T 2, φ =

1−R2 +T 2 +q
2T

(9)

and m is the branch number. The effective refractive index and impedance can then be used to calculate the
effective material properties, which can be expressed as [19]

ρe f f =
ne f f Ze f f

c0
and Be f f =

Ze f f c0

ne f f
, (10)

where ρe f f is the effective density and Be f f is the effective bulk modulus of the fluid medium. From Eq. 9, it
can be seen that the refractive index and impedance contain multiple solutions, which can lead to the incorrect
selection of the effective material properties. In order to obtain the correct refractive index, the algorithm
described in [20] has been used to estimate the correct branch number, which in turn selects the correct effective
material properties.

3.3 Results
The effective material properties and performance metrics for each source configuration have been calculated

using the procedure outlined above and these results are presented in Figure 2. From these results, it can be
seen that the single monopole (blue) and dipole (red) sources achieve perfect reflection, zero transmission and
zero dissipated energy, whilst the pair of monopole sources (black) achieves zero transmission and reflection,
and, therefore, perfect dissipation. Although the performance metrics are identical for the single monopole and
dipole sources, the effective material properties are completely different, as shown in Figure 2. Both material
properties are zero in the single monopole case, which corresponds to a pressure-release boundary condition.
In the dipole case, both of the effective material properties tend towards infinity, which corresponds to a rigid
boundary condition. The pair of monopole sources creates the perfect absorption condition by achieving an
effective density equal to the ambient air density and zero bulk modulus. To provide further insight, the effective
refractive index has been calculated and is presented in Figure 2f. This plot shows that the three active control
systems create a refractive index that is greater than unity. A physical understanding of what the refractive
index means in terms of the wave propagation can be gained by considering its definition, which is given by
the ratio between the speed of sound and phase velocity, vphase, of the incident waves, which is

ne f f =
c0

vphase
. (11)

This indicates that the phase velocity across the secondary sources in all three cases presented in Figure 2
is slower than the speed of sound, but that in the case of the pair of monopole sources, where the refractive
index is extremely large, the incident wave effectively stops.

4 OPTIMISATION PROCEDURES FOR DIRECT CONTROL OF THE EFFECTIVE
MATERIAL PROPERTIES

It has been shown in the previous section how a traditional ANC strategy with various secondary source con-
figurations influence the effective material properties and resulting wave propagation within a one-dimensional
duct. In the context of AMMs there is a general objective to control the effective material properties directly.
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(a) (b)

(c) (d)

(e) (f)

Figure 2. The performance of active control systems that are optimised to minimise the downstream pressure
using a single monopole (blue), a dipole (red) and a pair of monopole (black) control sources. (a), (c) and (e)
show the transmission and reflection coefficients and dissipated energy respectively and (b), (d) and (f) show

the effective density, bulk modulus and refractive index respectively.

Therefore, this section presents an investigation into whether the secondary source configurations used in the
previous section can be used to minimise the effective material properties directly. This is achieved using an
optimisation procedure to achieve broadband negativity for the effective density and bulk modulus. Two cases
have been considered in this study; a single monopole source that is driven to minimise the effective bulk
modulus and a dipole source that is driven to minimise the effective density. In both cases, the optimisation
procedure used the Globalsearch algorithm [21] in conjunction with the interior-point algorithm [22] to calculate
the optimal source strengths numerically in Matlab, because it is not straightforward to calculate the optimal
source strengths that minimise the effective material properties analytically. The Globalsearch algorithm has
been implemented to increase the likelihood of obtaining the global minimum from the relatively complex cost
surfaces associated with the effective material properties.

4.1 Results
The performance of the optimised monopole and dipole secondary sources has been evaluated using the

transmission and reflection coefficients and dissipated energy, as well as the effective material properties and
refractive index of the fluid medium, as described in Section 3.2. These metrics are shown in Figure 3 for
the optimised systems. These results show that the single monopole source (blue) achieves transmission and
reflection that both gradually increase over frequency, and negative dissipated energy. This indicates that the
active control system is increasing the energy in the system and this can also be related to the transmission
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being greater than unity. Figures 3b and 3d show that the single monopole source achieves negative effective
bulk modulus over the frequency range of interest, demonstrating the effectiveness of the optimisation procedure,
whilst the effective density is close to the ambient air density. Although, this optimised ANC configuration and
the pair of monopole sources that are driven to minimise the downstream pressure generate the same effective
density, the performance of each ANC strategy is completely different due to the bulk modulus in each case
as shown in Figures 2d and 3d. The single monopole achieves an effective bulk modulus of around -2000
whilst the pair of monopole achieves zero bulk modulus. This shows that a large negative and zero bulk
modulus coupled with a density close to the ambient air density will achieve perfect transmission and dissipation
respectively.

To provide further insight into the physical behaviour of the single monopole achieving a negative bulk
modulus and a density that is close to the ambient air density, the effective refractive index has also been
calculated and is presented in Figure 3f. This result shows that the optimised single monopole source produces
a near-zero refractive index. According to Eq. 11, it can be seen that this result is achieved by the phase
velocity across the secondary source tending towards infinity, which not only leads to perfect transmission, but
the transmitted waves will also experience minimal phase change.

From Figure 3, it can be seen that the dipole source optimised to minimise the effective density (red)
achieves a transmission coefficient that approaches zero, a reflection coefficient that approaches one and, there-
fore, close to zero dissipated energy; this is similar to the result presented in Figure 2 when a dipole secondary
source is driven to minimise the downstream pressure. However, it can also be seen from Figure 3 that the op-
timsed dipole source achieves negative effective density whilst the effective bulk modulus in this case is strictly
positive, with a small positive value; this is distinct from the dipole source driven to minimise the downstream
pressure, which exhibits both positive density and bulk modulus. As in the single monopole case, the effective
refractive index has been calculated to provide further insight into the physical behaviour of the dipole source
optimised to achieve negative density and this is presented in Figure 3f. It can be seen that the optimised
dipole source produces a refractive index that is greater than unity, which means that the phase velocity across
the control source must be slower than the speed of sound. This is similar to the dipole driven to minimise the
downstream pressure, however, the differences in the effective material properties result in different magnitudes
of the real and imaginary parts of the refractive index.

5 CONCLUSIONS
Active control is a well-developed technology that provides high performance noise control at low frequen-

cies whilst maintaining a lightweight and compact package. In recent years, similar levels of noise control can
be achieved using AMMs by achieving negative or zero effective density and bulk modulus. Active control has
been combined with AMMs to improve the performance, tuneability and adaptability of the materials, however,
the effects of active control on the effective material properties and wave propagation have not been extensively
investigated. Therefore, this paper has investigated the effective material properties of a traditional ANC system
in a one-dimensional duct using a single monopole, dipole and pair of monopole sources. The effective refrac-
tive index was also calculated to provide insight into how these active systems manipulate wave propagation in
a one-dimensional environment.

In addition, this paper has also investigated whether these secondary source configurations can be used to
directly minimise the effective material properties using an optimisation procedure and might thus be used as a
metamaterial building block. It has been shown that the single monopole source can be optimised to achieve a
negative bulk modulus and the dipole source can be optimised to achieve a negative density over the frequency
range of interest. These results are consistent with prior literature in AMMs that state that a monopole source
can create the monopole resonances required to achieve negative effective bulk modulus and a dipole source
can create the dipole resonances required to achieve negative effective density. It has also been shown that the
optimised single monopole source also achieves near-zero refractive index, which leads to perfect transmission
with minimal phase change. The use of these monopole and dipole sources may, therefore, be utilised as unit
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(a) (b)

(c) (d)

(e) (f)

Figure 3. The performance of the single monopole (blue) and the dipole (red) sources that are driven to
minimise the effective bulk modulus and density respectively. (a), (c) and (e) show the transmission and

reflection coefficients and dissipated energy respectively and (b), (d) and (f) show the effective density, bulk
modulus and refractive index respectively.

cells in the development of broadband single negative active acoustic metamaterials.
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ABSTRACT
Acoustic metamaterials have emerged as new means for sound control with extraordinary properties, such
as negative effective density and/or bulk modulus. Amongst the variety of different realizations of acoustic
metamaterials, thin plate-like metamaterials (e.g. membrane-type acoustic metamaterials or inhomogeneous
plates) have a high potential for improving the sound transmission loss of conventional partitions, espe-
cially in the challenging low-frequency regime. These types of metamaterials have been previously shown
to achieve very high sound transmission loss values which can exceed the corresponding mass-law values
considerably. However, further investigations have shown that when these metamaterials are integrated into
a double wall partition, the beneficial effect of the metamaterials can be greatly diminished if an improper
design is chosen. This contribution aims at providing a more detailed understanding of the important pa-
rameters in the design of acoustic partitions with thin plate-like acoustic metamaterials. The metamaterial is
represented by a simple black-box model in order to reduce the parameter space. Analytical calculations of
combinations of the metamaterial with single and double walls are used to identify the most relevant design
parameters and possible limitations in the acoustic performance. General design guidelines for acoustic par-
titions are derived from these results and applied to laboratory test samples.

Keywords: acoustic metamaterial, glass wool, transmission loss, plate

1. INTRODUCTION
The emergence of the so-called acoustic metamaterials 20 years ago has opened up new possibilities for

controlling the propagation of sound. The term acoustic metamaterials stands for composite structures com-
posed of periodically arranged unit cells for the systematic manipulation of the effective parameters for sound
waves. Many different realizations of acoustic metamaterials exhibiting negative density or bulk modulus
(and even both simultaneously) have been investigated thoroughly enabling new applications, such as acous-
tic cloaks and perfect acoustic lenses (1). Amongst the many different kinds of acoustic metamaterials,
the plate-like acoustic metamaterials (PAM) are of particular interest in applications of low-frequency noise
control. PAM are thin two-dimensional metamaterials exhibiting frequency bands at low frequencies with
negative density and—compared to the mass law—considerably enhanced sound transmission loss (STL).
These properties make PAM promising candidates for applications in noise control engineering where mass
and installation space of noise reduction means are highly constrained (e.g. automotive or aeronautical engi-
neering).

One of the first realizations of PAM, the so-called membrane-type acoustic metamaterials, were published
by Yang et al. (2). They and subsequent publications demonstrated that these metamaterials, consisting of
subwavelength sized unit cells with a thin prestressed membrane and small attached masses, can achieve
narrowband anti-resonances with STL values much higher than the corresponding mass law. Similar to the
membrane-type PAM are plates with periodically added masses, which have been investigated already in
the 1950s by Kurtze (3) and have been recently rediscovered in the context of acoustic metamaterials for
enhanced low-frequency sound insulation (4, 5). Contrary to the membrane-type PAM, these metamaterials
do not require a relatively stiff grid structure to subdivide the plate into individual unit cells and still exhibit
low-frequency anti-resonances with highly improved STL. Xiao et al. (6) investigated another type of PAM,
where spring-mass resonators were distributed periodically on a plate and the STL of the plate could be
considerably improved at the resonance frequencies of the attached resonators. Claeys et al. (7) applied
this concept to an additively manufactured metamaterial enclosure with periodically embedded resonators to
achieve a relatively broadband sound reduction below 1 kHz.
1 Felix.Langfeldt@haw-hamburg
2 Wolfgang.Gleine@haw-hamburg.de
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All these different PAM designs have been shown to exhibit large low-frequency STL values when the
transmission of sound is considered through the metamaterial only. However, in many applications it could
be required to combine the metamaterials with conventional acoustic partitions, such as walls. One example
for this is the aircraft sidewall, where the fuselage structure and the interior lining panels result in a double
wall-like arrangement. Previous studies of the performance of membrane-type acoustic metamaterials in the
air gap of a double wall have shown that the anti-resonance effect of the metamaterial depends highly on
the position of the metamaterial within the double wall (8). In the worst case, the STL improvement of the
metamaterial can be nullified by additional resonances appearing in the multi-layered structure. While in
Ref. (8) it was concluded that the optimal placement of the PAM inside the double wall was as close to one
wall as possible, it remained inconclusive if this could be generalized to other double wall configurations as
well. In Ref. (9) it was shown that the STL of a double wall can be greatly improved at the mass-air-mass
resonance frequency by replacing one of the walls by a PAM with periodically attached resonators tuned
to the mass-air-mass resonance frequency. However, in some applications it might be necessary to tune the
anti-resonances of the PAM to other frequencies than the mass-air-mass resonance. In this case, it can be
expected that the performance of the PAM can be also significantly reduced if an improper design is chosen.

The objective of this contribution is to provide a more general understanding of the acoustical properties of
partitions with additional PAM layers for the improvement of low-frequency sound insulation. In Section 2, a
generalized model for PAM using the effective surface mass density representation with a simple two degrees
of freedom (2DOF) model is presented. This black-box model is able to represent a wide range of different
PAM designs using only a small set of parameters. It is employed in Section 3 to investigate the acoustic
interactions of a PAM in combination with single and double walls. The paper is concluded in Section 4 with
a summary of the findings and general recommendations for the design of acoustic partitions with PAM.

2. GENERALIZED MODEL FOR PLATE-LIKE ACOUSTIC METAMATERIALS
This section provides a generalized model to represent most PAM types with only a small set of easily

determinable parameters. First, Section 2.1 describes the effective mass representation used for the PAM
modeling. Then, the transfer matrix model used for modeling multi-layered partitions with PAM is described
briefly. The models are validated in Section 2.3 using simulations and experiments.

2.1 Effective mass representation
Since, typically, the PAM are very thin compared to the acoustic wavelength, they can be represented as a

slab with a frequency-dependent effective surface mass density m′′eff
. For the purpose of this contribution, the

PAM considered here are characterized by a single anti-resonance (with greatly increased effective surface
mass density) followed by a resonance (with near-zero m′′eff

). Thus, the following 2DOF representation for
m′′eff

can be used:

m′′eff(ω) = m′′0
|p|2(z − iω)(z∗ − iω)

|z|2(p − iω)(p∗ − iω)
, (1)

where m′′0 is the static surface mass density of the PAM and z and p are the complex zero and pole of the
PAM, respectively. These are given by

z = i2π fR
(√

1 − ζ2
R + iζR

)
and p = i2π fP

(√
1 − ζ2

P + iζP

)
, (2)

with the resonance frequency fR, anti-resonance frequency fP, and the corresponding modal damping ratios
ζR and ζP. In the undamped case, ζR = ζP = 0 and Eq. (1) reduces to

m′′eff( f ) = m′′0
1 − f 2/ f 2

R

1 − f 2/ f 2
P

. (3)

Similar formulations to Eqs. (1) and (3) have been used previously to characterize the effective material
properties of PAM (e.g. (6, 9)). The advantage of these models is that every PAM design can be represented
by Eq. (1) with only five parameters which are relatively easy to determine using experimental, numerical, or
analytical methods. In the undamped case of Eq. (3) it is even sufficient to determine only three parameters
(the PAM mass and the two characteristic frequencies) to fully describe the dynamic behavior of the PAM at
low frequencies. On the other hand, Eq. (1) can also be interpreted as a black-box model which enables the
design of acoustic partitions with PAM using quantities like mass, (anti-)resonance frequencies, and damping
before any specific PAM designs are chosen. Once eligible values for these parameters have been determined,
the PAM can be designed specifically for achieving these design parameters.
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2.2 Transfer matrix model
In order to estimate the STL of multi-layered acoustic partitions with PAM, the transfer matrix method is

employed. A 2-by-2 transfer matrix T relates the acoustic pressure and particle velocity on both sides of a
laterally infinite layer (e.g. an air gap or a wall) and can be easily calculated for multi-layered partitions by
multiplying the transfer matrices of all layers (10). The four elements T11, T12, T21, and T22 of a transfer
matrix can be used to calculate the characteristic acoustic quantities of the partition, such as the sound trans-
mission loss TL. For common layers, such as air layers and porous absorber blankets, analytical expressions
for the transfer matrices can be found in the literature (e.g. (10, pp. 244–257)). In the case of an acoustically
thin slab, the transfer matrix can be expressed in terms of the wall impedance Zw as

Tw =

[
1 Zw(ω)
0 1

]
. (4)

For a limp wall with surface mass density m′′, the wall impedance is given by Zw(ω) = iωm′′. For the
modeling of a PAM layer, the wall impedance is obtained in the same form but with m′′ replaced by the
effective surface mass density given in Eq. (1), i.e. Zw(ω) = iωm′′eff

(ω) (8).

2.3 Validation
The modeling approach for acoustic partitions with PAM presented in this section is first validated using

finite element model (FEM) simulations for two different types of PAM designs. Then, experimental results
for a plate model with a PAM layer under diffuse field excitation are presented to validate the transfer matrix
model.

Figure 1(a) shows the simulated normal incidence sound transmission loss TL of a periodic PAM unit cell
consisting of a thin film with an attached ring mass (similar to the PAM investigated in Ref. (5)). The edge
boundary conditions of the unit cell were periodic in order to simulate a laterally unbounded metamaterial
plate. The film material was a 100 µm thick PET film (density ρ = 1570 kg/m3, Young’s modulus E =

4.7 GPa, Poisson’s ratio ν = 0.4, and structural loss factor η = 10 %) and the dimensions of the unit cell
were given by 35 mm × 35 mm. The polyamide ring mass was tM = 1.6 mm thick with an outer and inner
diameter of dM,o = 18 mm and dM,i = 6.4 mm, respectively, resulting in an added mass of M = 0.39 g.
Thus, the static surface mass density of this PAM is comparatively low with m′′0 = 0.48 kg/m2. For the
analytical modelling using the 2DOF model in Eq. (1), the characteristic frequencies fP and fR as well as the
corresponding damping ratios are provided in Table 1. It should be noted that, for simplicity, the damping
ratios have been determined by ζP = ζR = 2η.

The analytical and numerical results in Fig. 1(a) exhibit an excellent agreement up to the resonance fre-
quency of the metamaterial fR = 320 Hz. At higher frequencies, the numerical results indicate a second-order
anti-resonance at around 700 Hz which the 2DOF model cannot reproduce because Eq. (1) only includes one
anti-resonance of the PAM. However, Eq. (1) can in principle be readily extended to include higher-order
poles and zeros. Nevertheless, for the analysis of multi-layered partitions with PAM in Section 3 as well as in
many practical applications of PAM it suffices to consider only the first anti-resonance of the metamaterial.

Figure 1(b) shows the numerical and analytical STL results of a considerably different PAM design consist-
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Figure 1 – Numerical and analytical results using the 2DOF model for the normal incidence sound trans-
mission loss TL of two different PAM designs. (a) Thin film with added masses; (b) Plate with
micro-resonators (unit cell design from Ref. (9)).
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Table 1 – 2DOF model parameters of the different investigated PAM configurations

Configuration m′′0 fP ζP fR ζR

Film with ring masses (Fig. 1(a)) 0.48 235 20 320 20
Plate with micro-resonators (Fig. 1(b)) 4.61 539 10 620 10

PAM for plate model (Fig. 2(b)) 0.43 390 60 585 60

kg/m2 Hz % Hz %

ing of a plate with attached micro resonators. The geometrical and material specifications of this metamaterial
are given in Ref. (9). The resulting parameters for the 2DOF model are provided in Table 1. It can be seen
that this metamaterial is nearly ten times heavier than the one shown in Fig. 1(a). Therefore, the TL values
of this PAM are considerably higher. The agreement between the analytical and numerical results is again
excellent. Since for this PAM no higher-order anti-resonance is present within the frequency range of interest,
the good agreement extends over all frequencies shown in Fig. 1(b).

It therefore can be concluded that the proposed 2DOF model is capable of representing many different
PAM designs using only five parameters for frequencies up to the second- and higher-order (anti-)resonances
of the metamaterial unit cell.

An experimental validation of the transfer matrix model for multi-layered partitions with PAM was con-
ducted in the acoustic laboratory of the Hamburg University of Applied Sciences using a 50 cm × 50 cm plate
model. The diffuse field sound transmission loss TLdiff was measured according to ISO 15186-1 by mounting
the sample inside a transmission window in between a reverberation chamber and a hemi-anechoic room (see
Fig. 2(a)) and measuring the transmitted sound power with a sound intensity probe. As shown in Fig. 2(c),
the sample consists of a baseplate which is composed of a 3 mm thick MDF plate with a 25 mm layer of
lightweight glass wool on top. The surface mass density of this baseplate was measured at m′′ = 2.85 kg/m2.
A PAM made up of a PET film with 169 polyamide ring masses is attached to the transmission window frame
using tape (see Fig. 2(b)) with a distance of 50 mm measured from the MDF plate. The surface mass density
of the PAM was given by m′′0 = 0.43 kg/m2 which is only 15 % of the baseplate mass.

In the analytical model using the transfer matrix method, the MDF plate was modelled as a limp wall with
its surface mass density of 2.7 kg/m2. The glass wool layer was represented by an equivalent fluid model
(11) with a limp frame approximation (10, pp. 252-253) using the material parameters density ρ = 6 kg/m3,
porosity φ = 0.99, and static flow resistivity σ = 19 kNs/m4. For the PAM layer, the 2DOF model with the
parameters provided in Table 1 was used. The diffuse field sound transmission loss of the finite sized test
sample was calculated with the resulting transfer matrices using the spatial windowing method by Bonfiglio
et al. (12).
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φ = 0.99,
σ = 19 kNs/m4)

Glass wool

0

5

10

15

20

25

30

35

40

45

200 400 20001000

(d)

T
L

di
ff

in
dB

f in Hz

Baseplate
Baseplate + PAM

Figure 2 – Experimental and analytical results for the multi-layered partition consisting of a plate, glass wool,
and PAM. (a) MDF plate with glass wool inside the transmission window frame; (b) Metamaterial
film with ring masses; (c) Schematical drawing of the layering structure; (d) Measured (symbols)
and analytically calculated (lines) diffuse field sound transmission loss TLdiff .
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Figure 2(d) shows the experimental and analytical results for the baseplate (black symbols and lines) and
the baseplate with additional PAM layer (blue symbols and lines). In general, a reasonably good agreement
between the measured and the calculated data can be observed. It should be noted that at frequencies be-
low 500 Hz the experimental results exhibit strong variations while the analytical results are comparatively
smooth. A possible explanation for this could be the modal behavior of the plates and/or the laboratory envi-
ronment in this frequency range, which is neglected in the analytical model. Verifying this assumption is part
of ongoing work. Nevertheless, despite the comparatively simple modeling of the partition, the analytical
model yields a good representation of the experimental data. For both analytical and experimental results a
considerable improvement of the STL of the baseplate (approximately +6 dB) can be observed around the
PAM anti-resonance at fP = 390 Hz. This STL improvement is much higher than what would be expected
due to the added mass of the PAM alone (+1.2 dB). Furthermore it can be seen that the STL of the baseplate
with PAM improves significantly at frequencies above approximately 700 Hz. This can be explained by the
double wall effect which becomes prominent at higher frequencies for this multi-layered partition. Using the
surface mass densities of the baseplate and the PET film without masses (which governs the sound transmis-
sion through the PAM above fR), the mass-air-mass resonance frequency of the double wall structure can be
estimated at 690 Hz. This frequency is very close to the onset of STL improvement in Fig. 2(d) and therefore
gives a strong indication for the importance of the double wall effect in this frequency range.

3. MULTI-LAYERED PARTITIONS WITH PAM
In this section, the analytical model from Section 2 is used to study in more detail the acoustic properties

of multi-layered acoustic partitions with PAM. First, a parametric study of the STL of a single wall with
an additional PAM layer is performed. Then, in Section 3.2, this study is extended to a double wall with
integrated PAM.

3.1 Single wall with PAM
The basic setup of a single wall with PAM is shown schematically in Fig. 3(a). The wall is characterized

by a surface mass density m′′w1 and the PAM is now represented as an acoustically thin layer with frequency-
dependent surface mass density m′′eff

( f ) following Eq. (1). The distance between the wall and the PAM is
denoted by dw1. Baseline parameters for the single wall with PAM design investigated in this section are
given in Table 2.

The acoustic performance of the partition is quantified in terms of the relative +5 dB-bandwidth BW+5 (in
%). The +5 dB-band is defined as the frequency range for which the normal incidence STL of the wall with
PAM is at least 5 dB higher than the STL of the wall alone. The relative bandwidth can be calculated using
BW+5 = ( fl − fu)/

√
fl fu, where fl and fu are the lower and upper limiting frequencies of the +5 dB-band,

respectively. The results in Fig. 3(b) are shown as contour lines for a variation of the PAM-wall spacing dw1
and the relative PAM resonance frequency fR/ fP. The reason for choosing these parameters in the variation
is that in typical applications the position of the PAM in front of the wall and the PAM resonance frequency
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Figure 3 – Sound insulation performance of a single wall with PAM layer. (a) Schematical representation of
the configuration; (b) +5 dB-bandwidth (in %) for different PAM-wall spacings dw1 and relative
PAM resonance frequencies fR/ fP (baseline parameters given in Table 2).
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Table 2 – Baseline parameters for the single and double wall configurations with PAM

Configuration m′′w1 m′′w2 H m′′0 fP ζP fR ζR

Single wall + PAM 2.5 — — 0.4 300 10 510 10
Double wall + PAM 2.5 1.5 150 0.4 300 10 510 10

kg/m2 kg/m2 mm kg/m2 Hz % Hz %

can be chosen more freely than other parameters, such as the additional mass or the anti-resonance frequency,
which are more or less fixed by requirements.

In Fig. 3(b) it can be seen that a large value of fR/ fP leads to higher bandwidths. This is reasonable, because
also for a PAM alone a larger difference between the anti-resonance and resonance frequencies results in a
higher bandwidth. The influence of the PAM-wall distance dw1 on the results in Fig. 3(b) is more complex.
In general, a large value of dw1 leads to large bandwidths. But it can also be seen that the bandwidth of the
wall with PAM increases slightly when dw1 → 0. There is, however, a certain range of dw1 values for which
the bandwidth is zero, regardless of the value for fR/ fP. This zero bandwidth region can be attributed to a
resonance of the multilayered system (which depends on the PAM-wall distance dw1) cancelling out the anti-
resonance of the PAM (which does not depend on the position of the PAM). The STL results shown in Fig. 4
for three different values of dw1 illustrate this phenomenon. For dw1 = 2.5 mm, a local STL minimum at a
frequency slightly above the anti-resonance frequency fP = 300 Hz can be observed which corresponds to a
resonance of the combined system of wall, air gap, and PAM. When dw1 is increased to 15 mm, the stiffness of
the air gap becomes smaller and the resonance frequency is reduced to nearly 300 Hz. The nearly coincidental
anti-resonance and resonance frequencies cancel each other out, leading to the PAM having nearly no effect
in front of the wall, despite of TL values of over 20 dB at 300 Hz for the PAM alone (red dashed curves). For
dw1 = 75 mm (Fig. 4(c)), the resonance frequency is much lower than fP and the bandwidth of the wall with
PAM increases considerably.

An equation for predicting the critical PAM-wall distance dcr1 at which the pole-zero cancellation observed
in Fig. 4(b) occurs can be deduced as follows: At the anti-resonance frequency fP, the magnitude of the PAM
effective surface mass density is much higher than that of the wall. Therefore, at fP the PAM can be assumed
to be a rigid wall. The configuration shown in Fig. 3(a) then changes to a wall with surface mass density m′′w1
in front of a rigid wall with an air gap of thickness dw1. This is equivalent to a panel resonator configuration

for which the resonance frequency is given by 2π fpanel =

√
ρ0c2

0/(m
′′
w1dw1) (13, p. 322). Letting fpanel = fP

(i.e. coincidence of the panel resonance and anti-resonance of the PAM) and solving for the wall spacing
results in the following expression for the critical wall spacing:

dcr1 =
ρ0c2

0

4π2 f 2
P mw1

. (5)
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Figure 4 – Normal incidence sound transmission loss TL for a wall with a PAM (see Fig. 3) for different
PAM-wall spacings dw1. The shaded area indicates the frequency band with TL +5 dB above that
of the wall only. (a) dw1 = 2.5 mm; (b) dw1 = 15 mm; (c) dw1 = 75 mm.

4875



For the given PAM-wall configuration, Eq. (5) evaluates to dcr1 = 15.9 mm which is indicated as a dashed red
line in Fig. 3 and marks the center of the zero bandwidth region.

The value of dcr1 in Eq. (5) depends only on the bulk modulus of the fluid, the PAM anti-resonance fre-
quency fP, and the surface mass density m′′w1 of the base wall. Since these quantities typically are prescribed
by requirements, it is difficult to adjust the critical wall spacing of a PAM-wall partition. Consequently, when
designing such a partition, the distance dw1 should be chosen much smaller or much larger than the critical
wall spacing dcr1 in order to achieve reasonably large bandwidths.

3.2 Double wall with PAM
The results for the relative +5 dB-bandwidth of the double wall with PAM (see Fig. 5(a) with baseline

parameters given in Table 2) are shown in Fig. 5(b). In this case, the x-axis of Fig. 5(b) indicates a variation of
the PAM position inside the double wall by varying dw1 from 0 to H. The mass-air-mass resonance frequency
of the double wall without PAM (160 Hz) is significantly lower than the PAM anti-resonance frequency.

Like in the single wall configuration, a zero bandwidth region can again be identified at dw1 = dcr1 =

15.9 mm (corresponding to dw1/H = 0.106). This can also be explained by the coincidence of the PAM
anti-resonance frequency and the panel resonance frequency of the first wall at this value of dw1. In addition
to that, another zero bandwidth region can be seen in Fig. 5(b) for PAM positions close to the second wall.
This can be explained in the same way as the first zero bandwidth region: At certain distances dw2 between
the PAM and the second wall, the wall and the air layer can also exhibit a panel resonance if the PAM anti-
resonance is equal to this second panel resonance frequency. Similar to the derivation of Eq. (5), the critical
wall distance dcr2 (measured from wall #1) for coincidence with the second panel resonance of the double
wall-PAM system can be obtained as

dcr2 = H −
ρ0c2

0

4π2 f 2
P mw2

. (6)

For the investigated double wall configuration, dcr2 = 123.5 mm which is indicated as the second vertical
red line in Fig. 5(b). This value corresponds well to the center of the second zero bandwidth region. Since
both dcr1 and dcr2 are very close to each wall for this configuration, placing the PAM in the middle of the
double wall is beneficial. Placing the PAM close to the second wall also results in large bandwidths, but the
gradient is very steep and small variations in the PAM position (e.g. due to manufacturing tolerances) can
lead to large changes in acoustical performance.

4. CONCLUSIONS
In the present contribution, the sound insulation performance of acoustic partitions with plate-like acoustic

metamaterials (PAM) was evaluated using a simplified analytical model which represents the PAM by a set
of five general parameters (m′′0 , fP, fR, ζP, and ζR). The transfer matrix method was employed to estimate
the sound transmission loss of multi-layered partitions containing PAM layers. The proposed model was
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Figure 5 – Sound insulation performance of a double wall with PAM layer. (a) Schematical representation
of the configuration; (b) +5 dB-bandwidth (in %) for different PAM positions dw1/H and relative
PAM resonance frequencies fR/ fP (baseline parameters given in Table 2).
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validated using numerical simulations of different PAM unit cell designs and laboratory measurements of a
50 cm × 50 cm plate model under diffuse field excitation.

By applying the model to single and double wall partition designs with an additional PAM layer, the in-
fluence of the PAM resonance frequency as well as the distance between the wall(s) and the PAM on the
sound insulation enhancement of the partition could be systematically investigated. It was found that if the
PAM is placed at certain critical distances with respect to the wall(s), the anti-resonance of the PAM can be
practically nullified due to the panel resonance of a wall being coincidental with the PAM anti-resonance fre-
quency. Simple expressions could be derived for these critical distances using the proposed generalized PAM
model. These distances depend only on the fluid bulk modulus, the wall masses, and the PAM anti-resonance
frequency. In the design of acoustic partitions with PAM the metamaterial layers must be positioned as far
away from these critical distances as possible to achieve the highest performance.

Additionally, the five parameter model for the PAM can be applied to simplify the early design of such
partitions: Instead of committing to a specific PAM design in the first step, the partition can be designed
using the five general PAM parameters without knowing the exact details of the metamaterial. Once the
desirable parameters of the PAM have been determined, a suitable metamaterial design fulfilling these (and
other) requirements can be selected from the different realizations available in the literature. This novel
approach for the design of acoustic partitions with metamaterials could support the application of acoustic
metamaterials in practical noise control problems.
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ABSTRACT 
Passive dampers to treat the excessive structural vibration has long been researched and used in industry. 

Multiple particles placed in a container can be used to dissipate excessive vibration through the inelastic 

collisions between particles and cavity of the damper has been shown. However, their application is usually 

limited to treating certain modes of structural vibration and their performance is highly dependent on location. 

Another limitation of the particle dampers is nonlinear character caused by discontinuity and randomness of 

the collisions and velocity of the particles. In this paper, it is proposed to modify a particle damper into a 

metamaterial type structure in order to expand the applicability range. Metamaterials are known to exhibit 

subwavelength performance offering superior vibro-acoustic properties over a wide range of frequencies.  

To maintain metamaterial properties, the casing of the particle damper is designed to resonate near selected 

modal frequencies. The Bloch-Floquet Theory is applied in studying the singly periodic arrangement of the 

resonating damper shells with and without particles. Finally, the nonlinear effects observed in the 

metamaterial structure made of particle dampers are modelled numerically to predict their vibro-acoustic 

effects in finite structures. The theoretical, numerical predictions are compared with the experimental results. 

Keywords: Metamaterial, Nonlinear Damping, Passive Damping, Structural Vibration, Nonlinearity 

1. INTRODUCTION 
Mechanical oscillations in the systems causes undesired vibrational problems which needs to be solved with 

damping options [1]. Passive damping methods, which are able to be used in the certain frequency ranges, 

do not require external energy to be effective on the structural vibration. Examples of the passive dampers 

and their applications are explained in [2], [3], [4], [5]. Their problem is to be sensitive to the temperatures, 

or wear with usage, or leakage as depending on the application type. Efforts were put on finding a better 

solution to the structural vibration. Impact damper is one type of passive dampers known as acceleration 

damper [3] which was invented after the evaluation of the weaknesses and the problems on some of the 

passive dampers. It is made of one structure consisting a cavity which is either inside the primary (main) 

structure or externally attached to the main structure. Single particle is placed in the cavity, moves there and 

collides with the walls. Energy dissipation mechanism comes from its colloidal behaviour with the cavity 

wall under dynamic load [4]. In order to increase the effects of impact damper, the damper is modelled with 

more than one cavity to place single particle inside; it is called as ‘Multi-unit impact damper’. Impact damper 

was found less sensitive to the system properties such as temperature level and excitation conditions which 
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are the advantages of its usage; however, they were found noisy. In order to overcome this problem, the idea 

was to place more than one particle in the same cavity which have the equal mass of the single particle. The 

new arrangement was called as ‘Particle damper, PD’. Concerning to increase the performance, PD is 

designed to consist several cavities for the multiple particles, known as ‘Multi-unit particle damper’. Figure 

1.1 shows these varieties of the particle dampers [1]. PD, which is capable to work under rough conditions, 

is improved to be effectively used in the wider range of frequencies and needed less maintenance [6].  

 
Figure 1.1: (a) Impact Damper, (b) Multi-unit Impact Damper, (c) Particle Damper and (d) Multi-unit 

Particle Damper 

Damping properties of the particle damper were defined as a combination of friction, elastic and plastic 

collision losses with momentum changes. The particles move in the cavity, and their movement depends on 

the level of dynamic excitation. There are two types of collisions for this case: particle/particle collisions and 

particle/cavity wall collisions. The dissipation of energy and momentum changes through the vibratory 

structure are accomplished by the collisions, frictional effects, deformations and loss mechanisms [7]. In 

order to define working parameters and to find a better damper characteristics experimental methods were 

followed, mainly [8]. Experimental studies showed that PD has limited applications to treat the number of 

modes in the structural vibration. Additional to this limitation, discontinuity and randomness of the particle 

collisions cause nonlinearity on the particle dampers. This undesired situation was related to the frictional 

effects of collisions in the loss mechanism. Furthermore, PD performance varies with the size of the particle, 

volume of the cavity, packing ratio, direction of the excitation, material properties of the particles, etc. 

Although, PD is effective reducing the structural vibration, highly nonlinear characteristics are undesired. 

Therefore, efforts are on finding more effective PD design criteria with several approaches. 

Metamaterial phenomena are another effective dispersive mechanism and another topic of this research as an 

approach for PD studies. Metamaterial is designed as subwavelength structure and can perform to control the 

wave bigger than the characterised structural size [9]. This engineered structure is modelled to show local 

resonance effects on the main structure under vibratory process [10]. Performance of metamaterial is related 

to its periodic arrangement. Periodically arranged structures increase the number of freedoms on the host 

structure; therefore, unique dynamic effects on filtering the wave propagation are observed [11]. Effective 

working conditions are classified using band terms: stop band and pass band. Wave propagation is blocked 

in any direction for the certain wave numbers which is called stop band. Outside of the stop band is pass band 

where the wave propagates in the media [12]. Proper calculations and applications may help to widen the 

stop band properties. Periodically arranged structures refer to infinite structure in the numerical studies. 

Infinite structures in the modelling would give better insight to structural behaviour under various working 

conditions. However, computational cost of this work is inconvenient. There are several periodic conditions 

ready to apply on the structures; Bloch - Floquet Theorem is one of the convenient methods. Bloch – Floquet 

4879



 

Theory provides infinite structure modelling on a finite structure using unit (elementary) cell identification. 

Applying the boundary condition around the unit cell maintains the finite element solver to recognise the unit 

cell as an infinite structure. Therefore, potential effects of metamaterials, periodically arranged structures and 

availability of bandgaps are questionable with infinite structural modelling. 

This paper proposes the widened application range of PDs adding metamaterial properties to them. Particle 

behaviour under various excitation conditions were studied experimentally. The nonlinear effects of PD were 

observed. DEM (Discrete Element Method) was used to perform PD numerical study for a single frequency 

to understand the damping properties of particles. This was followed by the design of metamaterial made of 

periodic arrangement of PD. The casing of the damper was designed to resonate at one of the beam natural 

frequencies. Vibro-acoustic interactions were studied with finite element model. Bloch - Floquet Theory was 

applied to the modelled unit cell with singly periodic conditions.  

2. METHODOLOGY 

2.1 Experimental setup 
In order to achieve the aimed application of PD and metamaterial, experimental and numerical studies were 

followed. Damper cases were printed using 3D printing conventional additive manufacturing method with 

recycled plastic material. Single sized stainless-steel particles (diameter of 1/16 inches) were used in the 

experimental studies to fill the volume of the damper casing. A fixed-fixed end conditioned structural steel 

beam was used for the experimental studies. SigLab Measurement Structure was used in the experimental 

studies: VNA (Virtual Network Analyser) and VSS (Virtual Swept-Sine) are the post-processing methods 

used to identify the system characteristics and running the experiments for the given sinusoidal excitation 

over a range of frequencies, respectively. Beam-shaker test (Figure 2.1) procedure was followed, and 

properties and effects of PD were studied. 60-150 Hz frequency range was selected to run the experiments; 

since this range contains the first bending mode of the beam. 

 
Figure 2.1: Experimental rig with PD 

2.2 Numerical modelling 
2.2.1. DEM 
Physics of densely packed solid particles and their dynamics were modelled with commercial software 

EDEM V19.1. The software works with the explicit process within defined time steps (iterations) while 

solving the contact physics of the related particles. Modelled structure has the same volume as the 

experimental structure. Filling fraction was converted into the number of particles for the modelling of 

simulation (Figure 2.2). Hertz-Mindlin contact theory was applied to the particle-particle and particle-wall 
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interactions. Rotational effects of the particles were modelled with the standard rolling friction method; since 

the normal and tangential forces acting on the particles and cavity were aimed to model. Aiming the 

consistency with the experimental studies, the excitation frequency of the simulations was held at 105 Hz. 

 
Figure 2.2: Simulation model of DEM 

2.2.2. FEM 
Commercial software COMSOL Multiphysics V5.0 was used for modelling metamaterial.  

 

Figure 2.3: Periodic condition imposed in x- direction (a); Irreducible Brillouin Zone (b); unit cell with an 

inclusion (damper) (c) 

To analyse periodic arrangement of PD casings and the effect of their resonance, different unit cell 

arrangements were modelled in COMSOL Multiphysics: (i) unit cell without attached damper case (only 

steel beam) and (ii) unit cell containing damper casing. The periodic boundary condition was applied either 

on single side or two sides of the elementary cell (Figure 2.3 (a)). Unit cell was modelled as a square with 

100 mm length. The results were analysed in 1st irreducible Brillouin Zone (the smallest symmetrical lattice 

[13]) in form of dispersion relationship between wave vector and frequency. 

3. RESULTS 

3.1 Experimental Results 
The first few bending modes of the beam discussed in previous section were observed experimentally at 

around 105 Hz, 325 Hz and 330 Hz and 580 Hz. The following arrangement of particle dampers mounted on 

the beam were tested experimentally: (i) single damper placed either at the centre or away from the centre, 

(ii) three dampers with various separation distance (L, in the graph). 
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Figure 3.1: FRF of several cases with 65% filled dampers  

Figure 3.1 shows the comparison between bare beam, single damper and three dampers with various lattice 

constant (shown in the Figure legend). The results were obtained at 0.1 V amplitude while the dampers were 

filled 65% of their volume with particles. As the number of dampers placed on the beam was increased, the 

FRF magnitude level was reduced. Natural frequency was also shifted to lower frequency. The observed shift 

was relatively small resulted in maximum 10% difference (observed for 3 dampers separated by 50 mm 

distance). It is noted that the mass of the dampers was much smaller compared to the beam. Hence, the 

frequency shift is expected to be small. It is also noted that due to the relatively small separation distance in 

the case of multiple PDs any periodic effect is expected to be observed at higher frequencies. 

Amplitude dependency of the first natural frequency is shown in the Figure 3.2 (a) and (b). Both Figures 

clearly demonstrate the highest response level measured between 0.01 V and 0.03 V. For both arrangements 

the amplitude levels between 0.04 V and 0.08 V were the lowest response region. However, it is clear that 

three-PD arrangement gives much higher damping effect. It is also noted that nonlinearity phenomenon 

observed for a single damper are supported by previous studies [13], [14].  

 
Figure 3.2: Amplitude dependency of single damper placed at the centre of the beam (a); Amplitude 

dependency of three dampers (L=50 mm) with 65% filling ratio (b) 
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3.2 Numerical Results 
EDEM V19.1 was used to model and to solve densely packed solid particles to observe the particle behaviour 

in the simulation. Figure 3.3 demonstrates the relationship between the kinetic energy (associated with 

dissipated energy) and total energy. Each collision consists of impact and friction effects; therefore, the 

dissipated total energy is a combination of them. The total duration of numerical test was five seconds which 

has four seconds of collision and one second of placing the particles into the cavity and their resting at the 

end of the first second. Energy was dissipated through the collisions and contact mechanisms in the last four 

seconds of time. This information can be used to estimate losses and nonlinear phenomenon so that PD can 

be modelled accurately in FEM. 

 
Figure 3.3: Energy dissipation of PD from DEM analysis 

Bloch - Floquet Theory based infinite structure analysis were conducted to express the acoustic dispersion 

relations with single periodicity results. The results are shown in Figure 3.4. According to the Figure 3.4 (b) 

damper casing changes the dispersion relationship adding more low frequency modes bandgaps. More than 

one bands start from k=0 in the graphs; in an unbounded elastic medium there should be two modes starting 

from k=0. For the case of thin beam one additional modes appear for k=0 and there are more than three modes 

for k=2 [14]. The absence of the band in the dispersion diagram is called as bandgap, if it is the case for all 

the wave numbers then it is called as complete bandgap.  

 
Figure 3.4: Dispersion relationship plotted for 1D lattice in form of solid beam (a) and periodic array of 

damper casing added to the lattice (b) 
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4. CONCLUSION 
Nonlinear passive damping method was shown with its limitations including nonlinearity and effective 

working properties on the SDOF system running shaker tests. Numerical methods were followed to validate 

the studies related to both PD and metamaterial. Periodic arrangement using unit cell with the inclusions 

were illustrated here. It was shown numerically that these arrays support low frequency bandgaps. This study 

supports the idea that PD can be converted into metamaterial. DEM and FEM comparative studies are 

currently in progress. 
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ABSTRACT 

It is well known that material absorption and scattering is dependent on incidence and observation angle. 

Despite this, the corresponding standardised coefficients, which are used to represent these mechanisms 

within computational acoustic models, aggregate all such dependency into single random-incidence 

parameters. This limits the accuracy that can be achieved with computational acoustic models – even if these 

algorithms were to capture the wave physics perfectly, which they often do not, the results would not match 

physical reality because the input data is too low resolution. Bi-Directional Reflectance Functions are an 

established way of describing boundary absorption and scattering in computer graphics that have been 

suggested for use in acoustics. To date, several algorithms have been published that do or could use these in 

simulation, but no measurement methods are available to acquire them. There is also ambiguity over some 

aspects of their definition e.g. whether finite panel size is included as a scattering mechanism. This paper 

adopts a definition suitable for high-frequency Boundary Element Method algorithms that use oscillatory 

basis functions to capture wave directions. It then proposes an acquisition method based on double-layer 

Near-Field Acoustical Holography and assesses it accuracy using 2D simulations. 

 

Keywords: Room Acoustics, Microphone Array Methods, Scattering 

1. INTRODUCTION AND BACKGROUND 

Methods to measure the acoustic absorption of materials have long been of interest and various 

approaches are standardised e.g. ISO 354:2003 (random-incidence in a reverberation room), ISO 

10534-2:2001 (normal-incidence in an impedance tube) or ISO 13472-1:2002 (free-field). Accurate 

material absorption data is known to be a prerequisite if computational room acoustic models are 

required to be accurate (1–3). This is particular clear when algorithms such as Boundary Element 

Method (BEM) are applied; these are capable of producing extremely accurate results if the material 

data is precisely known, but will still produce inaccurate results when it is not (4). ISO 10534-2:2001 

is presently the most accurate standardised technique for absorption measurement, and can capture 

surface impedance as well as absorption coefficient, but applying it for existing spaces is destructive 

(5). There has therefore been a recent surge in interest in ‘in-situ’ methods (6) and, of these, Nearfield 

Acoustical Holography (NAH) techniques show particular promise. For example the recent method by 

Hald et al (7) can be applied in an untreated room and requires only compact samples and hardware. It 

is also capable of measuring the angle-dependence of the absorption of homogeneous samples. 

Scattering from boundaries or obstacles is also known to be an important mechanism with in Room 

Acoustics, with specialist ‘diffusers’ often being installed to subjectively improve the acoustics for 

music performance or critical listening spaces (8). Its inclusion in room acoustic modelling software 

has also been shown to be necessary to achieve realistic results (1), and predicted values for room 

acoustic metrics depend strongly on the strength and type of scattering mechanism chosen (2). It is 

therefore now included in all commercial room acoustic modelling software, usually following the 

random-incidence scattering coefficient that is measured according to ISO 17497-1:2004. The current 

situation remains far from ideal though; there is relatively little measured scattering data available and 

what does exist typically has high uncertainty attached to it, leaving practitioners to make ‘best 

guesses’ based on what seems to have worked satisfactorily in the past. There is also the issue that no 

detail is captured about the nature of the scattering; devices that redirect sound or that scatter in only 

one plane, such as the extruded diffusers common in concert halls, are not well characterised. 

                                                        
1 j.a.hargreaves@salford.ac.uk 
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1.1 Directional Scattering Measurement 

It is perhaps no surprise therefore that the group who have previously been most interested in 

measuring higher-resolution angle-dependent scattering data are diffuser designers. D’Antonio 

discussed the possibility of standardising this as early as 1992 (9), but a scalar ‘diffusion coefficient’ to 

quantity uniformity of scattering was ultimately standardised in ISO 17497-2:2012 instead; this also 

includes an alternative scattering coefficient definition. The standard does however include detail on 

how to measure high-resolution angle-dependent scattering because that is the raw data from which the 

coefficients are extracted. This is achieved using a so-called ‘goniometer’ setup, where both the source 

and sensors are in the quasi-far field of the object to be measured. 

There are several problems with this approach in the author’s opinion. Firstly, there are issues of 

practicality. They rely on subtraction approaches to separate incident and scattered sound, so require 

very low background noise, time invariant conditions (e.g. temperature), and either an anechoic 

environment or a very large room with time-gating to eliminate contamination from other reflections. 

The rigs are also large and unwieldly to apply in situ (10). Secondly, their design is fundamentally 

incompatible with the way that the directional data they measure could be used in Geometrical 

Acoustics (GA) simulation algorithms. These assume an unrealistic model of acoustic wave 

propagation as geometric rays or beams, the reflection of which from a boundary is most closely 

approximated by far-field (i.e. plane wave) excitation and measurement with an infinite-sized sample. 

The latter restriction occurs because GA models reflection and scattering as a local phenomenon; the 

edge effects that occur in measurement due to finite sample size should not factor and require removal 

from the dataset. We therefore distinguish between local scattering, that could occur to surface 

undulations and roughness, and the leading-order edge diffraction that occurs at the edges of panels. 

The preferred approach is that the latter should be handled separately in the simulation algorithm (11), 

hence the task of measuring panel scattering is to quantify only the former. This is a useful distinction 

but one that has been muddied by the common practice of adjusting scattering coefficient to mask the 

worst errors occurring due to absence of diffraction in GA simulation algorithms (12). 

Goniometers are, by nature of their design, restricted to finite sample size and measurement  and 

excitation distances. The requirement from GA for far-field measurements of infinite-sized samples 

are both contradictory and unachievable with the goniometer ‘one physical source / sensor per 

measurement / observation angle’ paradigm. The coefficients defined in ISO 17497-2:2012 include 

normalisation for finite sample size, but this is not the same as correcting the raw directional measured 

data. Measurements of directional reflection and/or scattering with phase, as would be ideal for early 

reflections that provide critical spatial cues, is certainly out of the question. 

1.2 Scattering Measurement by Nearfield Acoustical Holography 

The issue of finite sample size is circumvented by measuring in the nearfield; edge effects are 

relatively less significant due to proximity to the sample and can be corrected for if required (13). 

Far-field data can also be recovered mathematically by applying the far -field approximation to the 

Kirchhoff-Helmholtz boundary integral equation (14), often termed “nearfield to far-field transform”. 

Usually this utilises a plane-wave decomposition, though Müller-Trapet (15) investigated representing 

scattering using spherical harmonic functions; there it was assumed that this means the microphone 

array also has to be spherical, though work by this author shows that this is not the case (16,17). 

D’Antonio (9) was aware of the usefulness of NAH in 1992 through its pioneering application to 

surface impedance measurement by Tamura (18,19) in 1990, but appears to have concluded that it 

required sample isotropy; that was true for the method of Tamura, which assumed specular reflection, 

but is not a limitation of NAH in general. Kleiner et al (20) actually used NAH to measure directional 

scattering in 1995, though here were attempting to include finite sample size effects to as to mimic the 

results acquired by goniometers, and viewed the difficulty in doing this as a limitation rather than an 

advantage. Such early studies were limited by the availability and cost of multi-channel acquisition 

hardware, which today is ubiquitous. Separation of incident and reflected waves was also an issue, 

with researchers often resorting to subtraction techniques. Today, multichannel integrated 

double-layer pressure-sensing (PP) microphone arrays are available, as are integrated pressure and 

particle-velocity (PU) sensors, that enable this issue to be overcome.  

1.3 Representation of Scattering in Acoustic Simulation Algorithms 

Commercial room acoustic simulation algorithms are almost exclusively GA based, and that 

paradigm will be assumed here. We therefore wish to represent how an incoming wave with amplitude 
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𝐴i arriving from an incident angle (𝜃i, 𝜙i) might give rise to a distribution of outgoing waves with 

amplitudes 𝐴o(𝜃o, 𝜙o); here 𝜃 is azimuth and 𝜙 is polar angle. The function 𝑅 that relates these 

must be a function of both pairs of angles, hence 𝑅(𝜃o, 𝜙o, 𝜃i, 𝜙i). Siltanen et al (21) refer to this a 

Bi-Directional Reflectance Function (BDRF), a term transferred from computer graphics. It can also 

predict the amplitude at a given outgoing angle, given the incoming distribution 𝐴i(𝜃i, 𝜙i) , by 

𝐴o(𝜃o, 𝜙o) = 𝑅(𝜃o, 𝜙o, 𝜃i, 𝜙i) ⨂ 𝐴i(𝜃i, 𝜙i); here ⨂ represents a two-dimensional convolution over 𝜃i 

and 𝜙i. The BDRF is about the most general representation of geometric scattering one could have, 

especially if it is also deemed to be position dependent, and Siltanen et al argued how it encompasses 

previous approaches and showed how it can be applied to a variety of GA algorithms. 

BDRFs do however have limitations when applied to acoustics. When used with raytracing in 

computer graphics, it is reasonable for a BDRF to vary spatially in an arbitrary way; this is because 

light’s very short wavelength means optical scattering structures are orders of magnitude smaller than 

the geometry being modelled. For acoustics in contrast, wavelength is comparable to the size of 

geometric features in many cases, meaning angular and spatial variation of BDRFs are inextricably 

interlinked. Subject to these restrictions, BDRFs can best be understood as representing acoustic 

scattering in some spatially averaged sense that uses a particular choice of spatial window function 

defined on the boundary. Understanding the effect of this for both measurement and simulation 

requires consideration beyond the GA paradigm, and some initial analysis will be presented herein. In 

particular, the transition from diffraction due to panel size to scattering due to surface roughness is 

essentially a ‘mid-frequency’ problem, so techniques developed for high-frequency BEM (22) can be 

useful. These algorithms interpolate pressure fields using oscillatory basis functions that are designed 

to capture leading-order propagation directions (23), which may even be found using a geometric 

method (24). The radiation from these basis functions rather resembles geometric beams as frequency 

increases; some can be stated as a geometric beam plus a correction term (25). One recent algorithm 

(26), like GA, uses reflectance boundary conditions and is solved by marching on in reflection order. 

Following the acknowledgement that acoustic BDRFs must be understood in a spatially-averaged 

sense over some surface ‘patch’, the category of algorithms to which they are most suited is what 

Svensson and Savioja (27) class as “surface-based” GA. Those that discretise wave arrival and 

reflection angles, in addition to spatial discretization with a mesh, have been given various names 

including ‘Acoustic Radiance Transfer’ (ART) (21) and ‘Dynamical Energy Analysis’ (DEA) (28). 

BDRFs will also require discretisation over space and angle; notably, if this matches what is used in 

the simulation algorithm then the convolution above becomes a straightforward matrix multiplication. 

Siltanen et al proposed piecewise-constant angular discretisation, but Chappell and co-workers 

developed superior hierarchical schemes based on Legendre polynomials in 2D (28) and Zernike 

polynomials in 3D (29). Both groups used discontinuous spatial discretisation, however continuous 

spatial discretisation will be employed here because it produces beams that are more geometric in 

nature (25), aids convergence of high-frequency BEM (26) and reduces microphone array sidelobes. 

2. MODELLING FRAMEWORK AND TESTBED 

When using BDRFs in a numerical model, the primary 

objective is to replace a complicated boundary Γ, which is either 

costly to simulated or can only be measured, with a simplified 

boundary Γs  with BDRFs that give equivalent scattering 

behaviour and absorption. A numerical testbed is useful since 

reflections computed from BDRFs on the simplified boundary 

can be validated against reflections computed using a direct 

model of the complicated boundary e.g. using BEM. 

Figure 1a show the configuration. A sample with complicated 

boundary Γ (black) lies below a fictional simplified boundary 

Γs  (dashed blue); this is shown as being planar but needn’t 

necessarily be due to the findings in (16) and (26). An incoming 

plane wave (green) excites the sample causing an outgoing wave 

(purple) to be scattered. Both are sensed by a microphone array 

(blue dots) located on Γs. This arrangement of having the output 

data (BDRFs) defined on the same surface that is for 

measurement is unusual for NAH; it is more common to 

back-propagate the measured data to the physical boundary that 

Figure 1 Procedure to produce a 

local model for BDRF evaluation. 
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produced it e.g. so that boundary vibration can be found. This step is unnecessary for the intended 

application, however, and is usually ill-posed so avoiding it is advantageous. 

The Kirchhoff-Helmholtz boundary integral equation, being the mathematical foundation of BEM, 

is useful for analysing this problem. It says that if pressure and particle velocity are known on the 

entire simplified boundary, then the reflections from the complicated boundary can be perfectly 

reproduced from that data. This is a useful benchmark but is impractical for entire scenarios since 

generating this data requires solution with an accurate algorithm such as BEM over the entire 

complicated boundary. If this can be done reasonable effort then it renders the entire encoding as 

BDRFs process pointless. 

Instead it is desirable to exploit the assumption that scattering is a local phenomenon and try and 

acquire BDRFs via local simulations that are much computationally cheaper. There is precedent for 

this in diffusion coefficient measurement and simulation; no one expects to have to simulate an entire 

concert hall to understand how a diffuser performs, and BEM simulations of small samples have been 

shown to be very effective (8). The complicated boundary could of course be simply truncated but this 

would likely produce strong edge effects, hence Figure 1b&c propose a more sophisticated approach. 

In Figure 1b the complicated boundary is truncated but embedded in an infinite planar baffle; this 

reduces truncation effects but means that the reflected wave (orange) from these sections can be 

computed analytically. To avoid meshing the planar baffle, symmetry is exploited in Figure 1c, 

reflecting both the obstacle and the incident wave, which then becomes the analytical reflected wave 

(orange). This approach is widely exploited in BEM and means that only the truncated section of  the 

complicated boundary needs to be meshed, yielding much-reduced computational cost. 

2.1 Mathematical Formulation 

The mathematical formulation used for the testbed will now be presented. The model is formulated 

in two dimensions for simplicity; all quantities and geometry are assumed to be invariant of the other 

third dimension. All quantities are time harmonic with time dependence e−i𝜔𝑡, where 𝜔 is frequency 

expressed in radians per second. Acoustic waves in the air domain have pressure 𝑝 that satisfies 

Helmholtz’ equation ∇2𝑝(𝐱) + 𝑘2𝑝(𝐱) = 0. Here 𝐱 is a point in 2D Cartesian space and 𝑘 = 𝜔 𝑐0⁄  is 

the wavenumber, where 𝑐0 is the speed of sound in air. The simplified boundary Γs is assumed to be 

planar for ease of analysis; �̂� and �̂� are respectively its tangential and normal unit vectors and �̂� is 

deemed to point away from the sample being characterised into the air volume. It is offset a distance 

𝑑 from the coordinate origin, which is taken to align with the sample, hence �̂� ∙ 𝐱 = 𝑑 for all 𝐱 ∈ Γs. 

A key concept in this formulation is that total pressure 𝑝t can be decomposed into an incoming 

wave with pressure 𝑝i and an outgoing wave with pressure 𝑝o, so  𝑝t(𝐱) = 𝑝i(𝐱) + 𝑝o(𝐱). The word 

“outgoing” has been used here because the more common words “reflected” and “scattered” have been 

reserved for more specific behaviours. Incidence and reflected wave directions (green and orange in 

Figure 1) will be parameterised by 𝑘t; the component of wavenumber tangential to the measurement 

plane. This definition is chosen over one based on angle because it supports inhomogeneous 

(evanescent) plane waves, for which |𝑘t| > 𝑘. In the non-evanescent region |𝑘t| ≤ 𝑘, polar angle 𝜙 

can be found by 𝜙 = sin−1(𝑘t 𝑘⁄ ) . The incoming and outgoing waves have complex amplitude 

densities 𝐴i(𝑘t) and 𝐴o(𝑘t) respectively. The pressures 𝑝i and 𝑝o can be found from these by: 

𝑝i|o(𝐱) =
1

2𝜋
∫ 𝐴i|o(𝑘t)ei[𝑘t�̂�∓𝑘n�̂�]∙𝐱𝑑𝑘t

∞

−∞

.  (1) 

The term ∓ in the exponent is negative for the incoming wave and positive for the outgoing wave and 

𝑘n = √𝑘2 − 𝑘t
2 is the component of wavenumber normal to Γs. The positive imaginary branch of the 

square root is chosen when |𝑘t| > 𝑘 because this means the outgoing evanescent waves decay in the 

direction �̂�, which is consistent with the notion that they arise from the sample below. It may be 

noticed that eq. (1) takes the form of a spatial Fourier transform. Williams (30) calls this system of 

parameterising wave direction a ‘wavenumber spectrum’ and it is the basis of classical NAH. 

3. Spatial Windowing and BDRFs 

A system of spatial discretisation will now be defined. For the reasons mentioned in section 1.3, it 

is chosen to implement this using smooth spatial windowing functions. The intention is that this 

scheme could also be used as an approximation space for the reflection-based high-frequency BEM 

scheme in (26). This means the window functions must form a partition-of-unity, i.e. sum to one. 
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A system of overlapping raised Hanning windows fulfils these criteria. These have been shown to 

give improved accuracy compared to non-smooth alternatives in high-frequency BEM (31) and a 

technique to accelerate evaluation of integrals involving them was presented in (25). They are defined: 

𝑤(𝐱) = [1
2⁄ + 1

2⁄ cos(2𝜋𝜇(𝐱))] × Π(𝜇(𝐱)), where Π(𝜇) = {
1 |𝜇| < 1

2⁄

0 |𝜇| > 1
2⁄
 (2) 

Here 𝜇 is a normalised local coordinate that runs −1
2⁄ ≤ 𝜇 ≤ 1

2⁄  over the support of the window. 

The windows are length 𝐿 and are centered on vertices 𝐯𝑛 = 1
2⁄ 𝑛𝐿�̂� + 𝑑�̂�, where 𝑛 is an integer 

window index, and 𝜇(𝐱) = �̂� ∙ [𝐱 − 𝐯𝑛] 𝐿⁄ . For each window complex amplitude densities 𝐶i,𝑛(𝑘t) and 

𝐶o,𝑛(𝑘t) are defined, allowing 𝑝i and 𝑝o to be found for 𝐱 ∈ Γs: 

𝑝i|o (𝐱) =
1

2𝜋
∑ ∫ 𝐶i|o,𝑛(𝑘t)𝑏(𝐱, 𝑘t)𝑑𝑘t

∞

−∞𝑛

, where 𝑏(𝐱, 𝑘t) = 𝑤(𝐱)ei[𝑘t�̂�∓𝑘n�̂�]∙[𝐱−𝐯𝑛]. (3) 

As with eq. (1), the term ∓ is negative for the incoming wave and positive for outgoing. Comparing 

eq. (3) and (1), and noting that the windows form a partition-of-unity, it is apparent that the ‘correct’ 

values are 𝐶i|o,𝑛(𝑘t) = 𝐴i|o(𝑘t)ei[𝑘t�̂�∓𝑘n�̂�]∙𝐯𝑛 = 𝐴i|o(𝑘t)ei[𝑘t𝐿𝑛 2⁄ ∓𝑘n𝑑]. Allowing each patch to have its 

own distribution is however more flexible and can result in individual 𝐶i|o,𝑛 being sparser than 𝐴i|o. 

To understand this, imagine a spherical wave impinging on a planar surface. 𝐴i|o must capture the 

curvature of the entire wavefront, so will contain significant amplitude over a wide range of 𝑘t. 𝐶i|o,𝑛 

on the other hand, need only represent a small section of the wavefront which, being quasi planar if the 

source is some distance away, will result in significant amplitude over a fairly narrow range of 𝑘t. 

In a GA algorithm, 𝐶i,𝑛(𝑘t) would be the angular distribution of rays or beams arriving at the 𝑛th 

surface patch, and 𝐶o,𝑛(𝑘t) would be what leaves in response. It follows that the BDRF for the 𝑛th 

surface patch, 𝑅𝑛(𝑘t,o, 𝑘t,i), must relate these so, with ⊗ representing convolution over 𝑘t,i: 

𝐶o,𝑛(𝑘t,o) = 𝑅𝑛(𝑘t,o, 𝑘t,i) ⊗ 𝐶i,𝑛(𝑘t,i). (4) 

This is our mathematically formalised definition of a patch based BDRF. It has been defined for 

complex pressure amplitudes but could readily be applied to energy, as proposed in (21), by applying 

it to squared pressure amplitudes. If 𝐶i,𝑛(𝑘t) and 𝐶o,𝑛(𝑘t) are discretised somehow using a finite set 

of coefficients in vectors 𝐜i,𝑛 and 𝐜o,𝑛, then it can be written in matrix form as 𝐜o,𝑛 = 𝐑𝑛𝐜i,𝑛. 

4. Measurement of BDRFs 

The task of the microphone array is to capture instances of 𝐶i,𝑛(𝑘t) and 𝐶o,𝑛(𝑘t) such that, given 

sufficient different incident wave conditions, 𝑅𝑛(𝑘t,o, 𝑘t,i) may be derived. It is important however to 

realise that the array does not measure these directly. Adopting the lexicon of variational BEM (32), 

𝐶i,𝑛 and 𝐶o,𝑛 are termed ‘Coefficients’; their values correctly represent 𝑝i and 𝑝o. The distributions 

that the array will measure are termed ‘Projections’. Evaluating these in BEM would typically involve 

an inner-product integral along the measurement surface; a simple windowed beamformer would be: 

𝑃i|o,𝑛(𝑘t) = ∫ 𝑝i|o (𝐱)𝑏∗(𝐱, 𝑘t)𝑑𝑙𝐱

Γs

. (5) 

This also takes the form of a spatial Fourier transform, but 𝑝i|o (𝐱) has been multiplied by 𝑤(𝐱). 

This becomes convolution in the 𝑘t domain, leading to 𝑃i|o,𝑛(𝑘t) = 𝐶i|o,𝑛(𝑘t) ⊗ 𝑊(𝑘t), where 𝑊(𝑘t) 

is the wavenumber spectrum of the window; for the choice of window used herein it is: 

𝑊(𝑘t) =
𝐿

2
sinc (

𝑘t𝐿

2
) +

𝐿

4
sinc (

𝑘t𝐿

2
+ 𝜋) +

𝐿

4
sinc (

𝑘t𝐿

2
− 𝜋). (6) 

This convolution with 𝑊(𝑘t)  has the effect of spectrally ‘smudging’ the desired spectrum 

𝐶i|o,𝑛(𝑘t) giving the spectrum 𝑃i|o,𝑛(𝑘t) measured by the array. Tamura (18) was aware of this issue 

but seemed primarily concerned with how it interacted with the high 𝑘t limit due to finite spatial 

resolution; he mitigated this by using a dipole source that had a more favourable excitation spectrum. 

Wang-Lin et al (33) studied the performance of Hanning and Tukey windows in this application in 

2017, showing that both outperformed the rectangular windowing of Tamura; the spectrum of this is 

𝐿 × sinc(𝑘t𝐿 2⁄ ), which decays slower with 𝑘t than the Hanning window spectrum in eq. (6). 
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Another reason why these authors did not run into problems is that their measure apertures were 

very large, being 1.8m diameter in (18) and 2.48m in (33). At these sizes the ‘smudging’ effect is 

negligible over the majority of the frequency range of interest. Portable NAH arrays are however much 

smaller. Hald et al (7) used an array that was only 0.2m across; the amplitude of 𝑊(𝑘t) for 𝐿 =
0.2m is shown in Figure 2a and can be seen to be significant over the full frequency range of interest. 

In this study a compromise value of 𝐿 = 1.0m has been chosen; 𝑊(𝑘t) for that is shown in Figure 2b. 

In terms of measuring BDRFs using projections, spectral ‘smudging’ would occur for both 𝐶i,𝑛 and 

𝐶o,𝑛 on the left and right of eq. (4). An approximate BDRF found from 𝑃i,𝑛 and 𝑃o,𝑛 would therefore 

experience both pre-convolution and post-deconvolution with 𝑊(𝑘t) compared to one computed 

exactly. This actually has zero effect if the incident wave is wavenumber pure and the sample is 

specularly reflecting, but in all other cases it will cause approximation.  

To illustrate this, a uniform and infinite porous material sample has been simulated. The material is 

10cm thick, has a flow resitivity of 50,000Nm-4s and is modelled using the approach in (7) to give 

normalised surface admittacne Ys(𝑘t). The sample reflects specularly and the exact BDRF is given by 

𝑅𝑛(𝑘t,o, 𝑘t,i) = 𝛿(𝑘t,o − 𝑘t,i) [𝑘n,i 𝑘⁄ − Ys(𝑘t,i)] [𝑘n,i 𝑘⁄ + Ys(𝑘t,i)]⁄ . 

In the first test, the incident wave was a single plane wave of unit amplitude and tangential 

wavenumber 𝑘t,inc , hence 𝐶i,𝑛(𝑘t,i) = 𝛿(𝑘t,i − 𝑘t,inc) . The outgoing spectrum 𝐶o,𝑛  was found by 

convolution of 𝐶i,𝑛  with 𝑅𝑛 , then 𝑃i,𝑛  and 𝑃o,𝑛  were found by convolving 𝑊  with 𝐶i,𝑛  and 𝐶o,𝑛 

respectively. 𝑘t,inc  was varied and the BDRF was estimated as 𝑃o,𝑛(𝑘t,inc) 𝑃i,𝑛(𝑘t,inc)⁄ , which is 

reasonable since the sample was known to reflect specularly, and this was compared to the exact value. 

As expected, the BDRF, and the absorption coefficient that can be calculated from it, matched exactly. 

In the second test, the sample was subject to excitation from a dipole source and the BDRF for all 

angles was measured simultaneously on the assumption of specular reflection; this mimics the 

approach used in (18) and (33). The incoming spectrum was set as 𝐶I,𝑛(𝑘t,i) = ei𝑘𝑛𝑧0, following the 

trend given in (18) where 𝑧0 = 1m is the height of the source above the measurement plane, and the 

same processing was performed. The results for this are shown in Figure 2c as absorption coefficient 

extracted from the BDRFs; the exact analytical value is compared to values computed using 𝐿 = 0.2m 

and 𝐿 = 1.0m. Both array sizes perform well around normal incidence ≡ 𝑘t = 0. However, at 𝑘t = 𝑘 

the absorption coefficient varies rapidly as the incident wave transitions into the evanescent region, 

and at this point the smudging due to the window functions has a noticeable effect; for the smaller 

array, especially, there is significant oscillation and error. The true reflection coefficient for a finite 

sample in real life is unlikely to vary as extremely as this – it is a quirk of the mathematical model of 

infinite plane waves and planar boundaries – but it is true that oblique incident angles are challenging. 

It is interesting to note that the troublesome 75° measurement in (7) falls at sin 75∘ = 0.96 on a 𝑘t 𝑘⁄  

scale, indicating how compressed oblique angles are in 𝑘t and therefore vulnerable to ‘smudging’. 

5. SEPARATING INCOMING AND OUTGOING WAVES 

The above approach required that 𝑝i and 𝑝o were known separately; the projection operator in eq. 

(5) cannot differentiate between them. This is troublesome in reality since it can only be achieved by 

subtraction, as applied in (20), which is error-prone and impractical in-situ. A more sophisticated 

operator that can discriminate between incoming and outgoing waves was defined in (26). It is a 

generalisation and extension of the array designs of Hulsebos et al (34) and has the physical 

interpretation of sensing common energy flux between waves (35). For this problem it can be stated as: 

a) b) c) 

Figure 2: Effect of spatial window. Amplitude of spectral ‘smudging’ function for a) 𝐿 = 0.2m and 

b) 𝐿 = 1.0m. c) Effect on absorption coefficient measurement under dipole excitation at 2kHz. 
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𝑃i|o,𝑛(𝑘t) = ∫ [
𝜕𝑝t

𝜕𝑛
(𝐱)𝑏∗(𝐱, 𝑘t) − 𝑝t(𝐱)

𝜕𝑏∗

𝜕𝑛
(𝐱, 𝑘t)] 𝑑𝑙𝐱

Γ𝐬

. (7) 

Note that this definition operates on total pressure 𝑝𝐭 rather than 𝑝i or 𝑝o. 𝜕 𝜕𝑛⁄  is shorthand for 

spatial derivative in the direction �̂� i.e. perpendicular to Γ𝐬. 𝜕𝑝t 𝜕𝑛⁄  may be measured by a particle 

velocity sensor or a spaced-pair of microphones. 𝜕𝑏 𝜕𝑛⁄  can be estimated as ∓𝑘n𝑏 – note it takes 

opposite sign for incoming and outgoing waves – but better differentiation between 𝑝i and 𝑝o can be 

achieved by defining it via a ‘Dirichlet to Neumann map’ (32); this also takes into account the effect of 

the window function on the wave. The net result of this is that 

the measurements of pressure and particle velocity will be 

windowed differently; particle velocity is multiplied by 𝑏∗ so is 

windowed by the original window 𝑤(𝜇), whereas measured 

pressure, which is multiplied by 𝜕𝑏∗ 𝜕𝑛⁄ , has a different 

window 𝑤′(𝜇) applied to it. Because 𝑤′(𝜇) is derived from 

the Dirichlet to Neumann map, it will depend on both 𝑘 and 𝑘t. 

Figure 3 shows these for 1kHz with 𝑘t 𝑘⁄ = 1
2⁄ . While 𝑤(𝜇) 

was purely real it turns out the optimal 𝑤′(𝜇) is complex.  

Equation (7) has been applied in a numerical test bed that 

models an absorbing patch within an infinite rigid baffle using 

BEM in the configuration depicted in Figure 1; details of and 

results from this will be included in the conference presentation. 

6. CONCLUSIONS 

This paper has proposed a mathematical formalisation for Bi-Directional Reflectance Functions 

(BDRFs) for acoustics, including consideration of the effect of the finite patches they must be defined 

and measured over. It was seen that the common trade-off between spatial windowing and spectral 

‘smearing’ occurs in this application too, and its effect on BDRF measurement was analysed and 

explored with a numerical test case. Knowledge and formulations from high-frequency variational 

Boundary Element Method (BEM) have been adopted to assist in the design and analysis. Further work 

could include attempting to apply other elements of this machinery to mitigate the spectral smudging 

observed in this study, and to provide a validation approach for partial or whole geometries. 
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Abstract
The sound absorption of materials is traditionally measured in laboratory condition with one of two meth-
ods: random incidence in a reverberant chamber (ISO 354) or normal incidence in an impedance tube (ISO
10534). Nevertheless, there are some materials that cannot be measured in the lab, e.g., road surfaces, which
are recommended to be measured in-situ with the use of a single microphone (ISO 13472). The latter method
is based on time-windowing the measured impulse response to compare the incident and reflected wave com-
ponents. Depending on the measurement setup, the size of the window may result in degraded measurement
quality, specially at low frequencies. With the intention to alleviate this effect we evaluate three blind de-
convolution approaches. These methods blindly estimates the response of the sound source, resulting in a
cleaner (possibly more sparse) measurement that can than be used to estimate sound absorption. We compare
the results of the aforementioned methods with free-field and averaged equalization for measurement at a wall
covered with PET-wool. Even though the evaluated methods were able to “sharpen” the measured impulse
responses, it showed no improvement in the calculation of the absorption coefficient.
Keywords: absorption coefficient, in situ measurement, sparse blind deconvolution.

1 INTRODUCTION
Environmental noise is harmful sound generated by human activities including road traffic, railways, air trans-
port, industry, recreation and construction [1]. For instance, a survey applied in the Netherlands verified that
road noise was rated as the most annoying source of noise (71%), followed by air traffic noise (13%) and
neighbours’ noise (13%) [2]. Furthermore, long-term exposure to road traffic noise in association with air
pollution is credited to accelerate neurocognitive decline and development of dementia [3]. Other studies indi-
cate that transportation noise exposure may influence the occurrence of respiratory symptoms and exacerbate
asthma in adults [4] and variation of blood pressure [5].
For the effective analysis of street noise attenuation, it is necessary to determine the sound absorption co-
efficient of the building walls. The determination of this coefficient is, commonly, made following two
standards: ISO 354 (2003) method of determination of sound absorption coefficient in reverberant chamber
and ISO 10534-1 (1996) method of determination of sound absorption coefficient in impedance tube. Both
methods have some disadvantages. The impedance tube has limitations on sample area. For the desired fre-
quency range from 250 Hz to 4000 Hz a sample with a diameter of only 10 cm is commonly used. In the
reverberant chamber method, the samples must be installed on the chamber walls and this, for fixed systems,
is impracticable. For these situations, in situ measurement techniques are an attractive alternative as they do
not require a special environment to be set up.
In situ techniques can be used in both indoor and outdoor conditions. When conducting indoor in situ
measurements the reverberation and sample size are of major concern, while the meteorological effects are
of major concern in outdoor conditions. Brandão, Lenzi and Paul made a review of in situ impedance and
sound absorption measurement techniques, arguing that the main method used in this cases is the temporal
separation method. For this method, the challenge is to determine how the acoustic wave will behave in
between the microphone and the sample under measurement [6].
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Londhe, Rao and Blough [7] used the in situ method described in [8] to measure the sound absorption
coefficient of grass. This method is based on the signal subtraction technique between the incident and
reflected signals. Only one microphone and one sound source is needed for this method. When compared to
the impedance tube the results have good agreement in the range between 400 Hz and 3000 Hz. Lacasta et
al. used this same in situ method for modular greenery barriers and the results were equivalent to the results
found in the literature [9]. Bustamante also performed the in situ technique on two materials: mineral wool
and gypsum plaster board and concluded that the results were satisfactory [10].
The use of microphone arrays is one of the most recent approach to measure acoustic impedance in situ.
It makes use of spatial filtering to separate the incident and the reflected components of the wave field
close to the material under test. The simplest configurations use a linear array [11], while more complex
configurations use planar [12] or spherical arrays [13].
All these microphone configurations use a loudspeaker as acoustic source to excite the system under mea-
surement. Every such source has an uneven frequency response that translates to a time stretched impulse
response which may result in the overlapping of incident and reflected components of the signal. Ideally, as
we are interested on the ratio between reflected and direct sound, the influence of the loudspeaker should
cancel out. However, the overlapping of the responses hinders this process, even after applying spatial filter-
ing. In [10] the authors deconvolve the measured responses with a impulse response of the same loudspeaker
measured in free-field and show considerable improvement with the single microphone method.
It may not always be the case that the free-field response of a loudspeaker is available for post-deconvolution
or it may add unwanted noise in the deconvolution process. Therefore in this paper we evaluate the feasabil-
ity of applying blind deconvolution to eliminate the influence of the loudspeaker‘s response on the array
measurement. We first present three such methods: prediction-error filters [14], `P-norm sparse blind decon-
volution [15] and sparse multichannel blind deconvolution [16]. We then evaluate the results of these three
methods to a set of measurements with a four-microphone array conducted at the outside wall of a building
covered with a commercially known material (PET-wool).

2 BLIND DECONVOLUTION
The topic of blind deconvolution has attracted the attention of the seismic community for several decades. In
the following we present three methods derived for blind deconvolution under this context, but that can be
directly applied to acoustics as well.

2.1 Prediction-error filters (PEF)
Given we have a sensor output signal x[n] of length N, the idea behind a prediction-error filter is to find a
matched filter w[n] of length M ≤ N that is capable of eliminating this signal or, equivalently,

e[ j] = x[ j]− x̂[ j] = x[ j]−
M

∑
i=1

x[ j− i]w[i], (1)

where e[ j] is the residual error. Note that the sum in (1) is a convolution filter that estimates the value of
x j based on previous inputs, x j−i, i = 1, ...,np. To avoid the trivial solution w = 0 we fix w[1] = 1. For the
remaining values we define w =

[
w[2] · · · w[M]

]T and calculate their values by minimizing the energy of
the residual, i.e., |e|2, which, according to [14], results in

w = (XHX)−1(−XHx). (2)

The matrix X is the convolution matrix of x concatenated with an extra first row of zeros. The PEF filter is
the concatenation of w[1] = 1 and the remaining element of w calculated from (2).

2.2 `P-norm sparse blind deconvolution (LP-SBD)
The PEF framework has the drawback that it only works for minimum-phase systems, what is commonly not
the case for loudspeakers. In order to aleviate the minimum-phase restriction the sparse blind deconvolution
strategy was proposed in [15], where a deconvolution filter w is estimated, much in the same sense as the
PEF, but under sparse constraints. The authors argue that the `p-norms can be seen as “contrast functions”
for the blind deconvolution of sparse signals.
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An input signal s is convolved with the system impulse response h (the Earth’s impulse response for seismic
applications) resulting in the sensor output signal x. The objective of LP-SBD is to find a deconvolution
filter w whose output y will recover the input signal s, i.e.

y = w∗x = w∗h∗ s≡ g∗ s. (3)

The recovered signal should be a scaled and delayed version of the original signal, i.e., y[n] = α s[n− d].
Accordingly, g = w∗h =

[
0 · · · 0 α 0 · · · 0

]
.

The LP-SBD is formulated as the following optimization problem

minimize
w

‖y‖p =

(
N−1

∑
i=0

∣∣∣∣∣L−1

∑
k=0

w[k]x[i− k]

∣∣∣∣∣
p)1/p

subject to ‖g‖2 = 1.

(4)

According to [15] the solution to this problem is equivalent to

minimize
w

‖y‖p
p

‖y‖p
2
, (5)

and can be obtained with a gradient descent method applied to (5).

2.3 Sparse multichannel blind deconvolution (SMBD)
The LP-SBD algorithm incorporates assumptions on the structure of the signals’ and the systems’ impulse
responses, assuming that the signal s must be sparse. However, the LP-SBD does not take advantage of
possible extra spatial information contained in the multichannel measurements. The SMBD does exactly that,
still assuming that the original signals are sparse and incorporating a new assumption that the same system’s
impulse response is present in the same degree in all channels.
The data recorded by a sensor array with K sensors is modelled as

xk = h∗ sk. (6)

Note that each channel sk is convolved with the same system’s impulse response h. After applying the
z-transform to equation (6) results in

Xk[z] = H[k]Sk[z]. (7)

Noting that H[k] remains the same for every channel, we can recast (7) as

Xk[z]S j[z] = X j[z]Sk[z], ∀k, j. (8)

Multiplication in z-domain can be recast in time domain as the multiplication of X—the convolution matrix
of x—and the signal vector s, i.e.

Xks j−X jsk = 0, (9)

leading to the homogeneous system of equations Ab = 0, where

A =



X2 −X1
X3 −X1
X4 −X1

X3 −X2
X4 −X2

. . .
XK−1 −XK


and b =


s1
s2
...

sK

 .

The above formulation ignored the presence of noise. If we consider noise the above formulation can be
altered to Ab = e, where e is the residual noise. In [16] it is assumed that e is white and Gaussian which,
they say, “is clearly a hypothesis that permits us to develop an algorithm, but one understands that e is not
necessarily white and Gaussian”.
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Figure 1. (a) Measurement setup of sound absorption coefficient using a microphone array. (b) Impulse
response measured with loudspeaker placed 105 cm from the microphone array.

The “clean” signal s is then extracted from the measured signal x by minimizing the cost function

ŝ = argmin
x

(‖Ab‖+λR(b)) , (10)

and

R(x) = ∑
i

(√
x2

i + ε2 − ε

)
(11)

where R(x) is a hybrid `1/`2 regularization function used to promote sparsity, instead of the `1-norm, as it
is differentiable, allowing a simpler solution to the optimization procedure [16]. To avoid the trivial solution
the restriction bHb = 1 is added.
While the PEF and LP-SBD formulations provide a linear filter that is applied to all channel data to eliminate
the influence of a common impulse response resulting in a set of “clean” signals, the SMBD gives the
“clean” signals directly as a result of its non-linear minimization procedure. For that reason, the SMBD
gives no warranty that the spectral characteristics of the signals will be only globally altered.

3 EXPERIMENTAL SETUP
To evaluate the above mentioned algorithms we use a set of array measurements originally conducted to
compare single channel measurement and array measurements to calculate the absorption coefficient of a
material under test [17]. The examples shown in next section used a PET wool manufactured by Trisoft.
The width of the material is 25 mm and each module has 1.00 m×1.00 m. For the measurement, an external
wall was covered with nine modules of the material, covering a total area of 3.00 m×3.00 m. The superficial
density is 0.7 kg/m2. As expected of fibrous material, the high absorption performance is in high frequencies.
In this work, the sound source used was a custom made loudspeaker with a coaxial driver model F6 from
maker Bravox, the amplifier was a B&K model 2716, the microphones were Behringer ECM 8000, and the
audio interface was a Presonus AudioBox USB. The signal processing was made in MatLab with the freely
available ITA toolbox1. The excitation signal used for the test was a logarithmic sweep with duration of 6 s
and frequency range from 20 Hz to 20 kHz. The position of microphones and sound source in relation to the
material under test is described in Fig. 1(a). The array had a non-redundant geometry [18] and we evaluated
several source distances.
As a reference, we compare the results with the measurement of sound absorption coefficient made with a
commercial impedance tube from maker BSWA.

1www.ita-toolbox.org
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4 RESULTS
We applied the methods discussed in section 2 at the impulse responses obtained with the setup presented in
the previous section to eliminate the influence of the loudspeaker’s impulse response on the measurements.
We compare the result of these three methods (EP, LP-SBD, and SMBD) with three other approaches: inverse
filtering with 1) the loudspeaker’s impulse response measured at an open space, 2) the average of the aligned
impulse responses of each channel, and 3) the median of the time samples of the aligned responses of each
channel.
We observed that all these methods work very well with synthetic signals. In this manuscript we restrict
ourselves to measured signals. We show in Fig. 1(b) the impulse responses measured with the array geometry
presented in Fig.1(a) at a source distance of 105 cm. Analysing the response in channel 1 we can observe that
the loudspeaker’s response (direct sound) has not yet faded away when the first reflection (reflected sound)
arrives. At channel 4 (microphone closes to the wall) it is not possible anymore to tell both components
apart. That is, if we simply apply the single microphone with time windows describe in [8] we would
window out a significant part of the system’s impulse response.
As proposed in [10], we approximated the loudspeaker’s free-field response by measuring it facing against the
wall and equalized the measurement with the inverse of the free-field response. The results in Fig. 2(a) show
that both the direct and the reflected components are now more compact, however a considerable amount of
noise was introduced in the process. Another strategy is to use the fact that we have an array measurement
and average the time aligned signals to estimate the common component of all signals. This is equivalent
to a delay-and-sum beamformer pointed at the direction of the source [19]. We observe in Fig. 2(b) that
the components are compact and the signals show less noise than the free-field attempt. However, several
new impulses appear in between the two main components caused by the presence of attenuated versions of
the reflection in the average signal. To eliminate this effect we substitute the mean function by the median
function, which is less sensitive to outliers. The signal equalized in this manner, shown in Fig. 2(c), do not
show the presence of these unwanted spikes between the two components of interest.
The equalization methods discussed so far result in noisy signals that result in noisy estimates of the absorp-
tion coefficient (see Fig. 3). This is the reason why we investigate other methods to eliminate the system’s
response and, ideally, also reduce measurement noise. As can be seen in Fig. 2(d), the PEF failed in this
task, what could be expected as loudspeakers usually cannot be described as minimum-phase systems. The
LP-SBD does a much better job in finding a linear filter to eliminate the system’s response, as can be seen
in Fig. 2(e). Note that the results with LP-SBD are strongly dependent on the choice of p; for this example
we chose p = 4, which showed better results after trial-and-error tuning process. Regardless of the choice
of p, however, we observed that the LP-SBD still shows a considerable amount of residual noise. The final
algorithm to be evaluated was the SMBD. This algorithm now requires the tuning of two parameters: ε and
λ . The smaller the ε , the closer R(x) resembles the `1-norm and thus the more it sparsifies the result. On
the other hand, the larger the value of λ , the more R(x) influences the optimization and, again, the more it
sparsifies the result. After a trial-and-error tuning procedure we obtained the results in Fig. 2(f), which is
very compact shows little residual noise.
These results suggest that the SMBD is a very promising pre-processing for the later extraction of the ab-
sorption coefficient. However, as can be seen in Fig. 3, the calculation with LP-BSD and SMBD cannot be
regarded in anyway as better than the calculations with the first three methods, even though the SMBD did
somehow reduce the oscillations in low frequency bands. Furthermore, if we set λ to high, the algorithm will
be forcing too much sparsity, which may, at last, hamper the proper recovery of the reflection component
(as it is a low pass filtered impulse and, thus, time spread). If that happens, we loose information in the
low frequencies of the reflected component and the resulting absorption coefficient is much flatter, however
possibly incorrect, in the lower frequency bands.

5 FINAL REMARKS
We evaluated three different blind deconvolution methods in order to extract the influence of the system’s
response (in our case the loudspeaker) in an array measurement and compared their results with an equal-
ization based on a free-field measurement of the loudspeader’s response and a spatial filtered version of the
array measurement response.
We verified that the PEF was not able to eliminate the system’s response while both sparsity based techniques
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(f) SMBD (150 taps, ε = 0.03, λ = 0.05 and 500 iterations)

Figure 2. Equalized array impulse responses after the original signal from Fig. 1(b) was equalized with six
different blind and non-blind deconvolution methods.

were successful in doing so. The LP-SBD, based on linear filtering resulted in large residual noise while the
non-linear SMBD method resulted in very sharp impulse responses with little additive noise. Nevertheless,
we could see no improvement in the calculation of the absorption coefficient.
We believe, however, that sparsity based non-linear algorithms are still promising and wish to evaluate next
the algorithms based on convolutional sparse coding.
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ABSTRACT 
The spatio-temporal sparsity of room impulse responses (RIRs) degrades in the late part due to the stronger 
wave interference compared with the early part. Meanwhile, such an interference decays in amplitude as time 
progresses due to absorption in the room, resulting in a decreasing dynamic range of the measurement. 
Together these aspects pose challenging conditions for compressive sensing applications, such as 
the interpolation of RIRs measured at sparse microphone positions. In the search of sparse transformation 
spaces, this paper examines the application of a multi-scale directional dictionary (known as shearlets) 
to interpolate RIR measurements. These redundant dictionaries consist of multiple curved elementary 
functions, which offer a decomposition of the acoustic wavefronts into various wavelengths, propagation 
directions, and times of arrival. Results reported in this paper demonstrate the potential these dictionaries 
have to interpolate RIRs in both convex and nonconvex rooms, motivating further examination under 
experimental conditions and in broader frequency ranges.   
 
Keywords: Room impulse responses, Interpolation, Shearlet dictionaries 

1. INTRODUCTION 
Room impulse responses (RIRs) can be regarded as spatio-temporal imprints carrying all the 

relevant information about the acoustic response a sound source has in a given environment, e.g. in a 
factory hall or a vehicle cabin. Measuring RIRs is therefore a task of considerable importance these 
noisy days, as it provides a means to analyze, compensate, and control sound fields in acoustical 
spaces – let alone the many applications it has in teleconferencing, virtual/augmented reality, and 
auralization [1]. In essence, RIRs are measured by recording the pressure response of the acoustical 
space to an impulsive source, at a number of positions with microphones.  

The execution of such measurements is classically limited by the number of positions (by Nyquist-
Shannon sampling): beyond 1.6 million microphone positions per cubic meter for frequencies within 
the audible human range. For this reason, one can today find novel sparse sampling approaches, based 
on compressive sensing (CS) [2,3], to reconstruct RIRs that have not been measured using a reduced 
set of microphone positions. The success of CS relies on the sparsity –a measure of the no. significant 
coefficients– of the RIRs in some appropriate vector space, known as dictionary; and on an incoherent 
sensing operation, generally linked with the randomness of the microphone positions. In this way, one 
can think of CS as the action of sampling and compressing the RIRs at once.  

Among the pioneering papers in this topic has been written in 2013 by Mignot et al. [4], in which 
the authors exploit the temporal sparsity of the early part of the RIRs by using a dictionary of 
monopole sources. The room in which the measurements were carried out is empty, and it is assumed 
that no diffraction phenomena occurs. Few years later, Antonello et al. published a paper in which 
they use time-varying equivalent source dictionaries and various kinds of sparsity domains: spatial, 
spatio-spectral, and spatio-temporal; and presented an experimental validation with RIRs measured in 
an empty, rectangular room [5]. Plane-wave dictionaries have also been subject of study by Mignot et 
al., as well as, more recently, by Verburg and Fernandez-Grande, who have investigated the 
                                                        
1 zea@kth.se 
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interpolation [6,7] and extrapolation [7] of the responses in empty, rectangular rooms. A common 
result from using plane-wave dictionaries is that the associated sparsity goes hand-in-hand with the 
modal density of the room [7]: sparse plane-wave representations are most accurate in convex rooms 
and at frequencies below Schroeder’s limit [8]. Overall, the sparsity of the representation systems 
studied so far seems to be strongly linked with the geometry of the room, its damping, and its contents.  

In this way, the motivation driving this paper is the search for sparse representation systems that 
can account for a broader variety of room properties; conditions closer to the acoustic environments 
one can encounter. This paper examines the application of a multi-scale directional representation 
system, known in the image processing community as shearlets [9], thereby exploiting the sparsity of 
the classes of functions in the RIRs: curved singularities (wavefronts) of various shapes, propagation 
directions, and times of arrival. By approximating these curved functions directly in space-time, no 
prior knowledge of the properties of the various objects and boundaries in the room is needed. In 
particular, this paper studies the interpolation of synthetic RIRs in two rooms, using 2D planar array 
data obtained with finite elements and a 3D shearlet dictionary [10].  

2. BACKGROUND 

2.1 Shearlets and RIR data 
Shearlets can be understood as elongated wavelets, with anisotropic directional properties. 

Harmonic analysts have designed them to optimally represent edges (e.g. discontinuities of bounded 
curvature) in multidimensional data [11]. Here optimality means the fewest coefficients to represent 
the edges, which has a beneficial impact in the tasks of compression, transmission, denoising, as well 
as restauration of image/video signals. Shearlets are in essence curved elementary functions of various 
scales, orientations, and translations, and together constitute a redundant representation system; with 
a redundancy factor in the order of tens to hundreds [11]. See examples of shearlets in Figure 1.  

 
 

 
 

Figure 1 – Examples of 2D shearlet elements in space-time, drawn from a 3-scale dictionary [12]. 
Shearlet scales: elements (a) and (b) belong to scale 1 (broader scale), whereas (c) and (d) belong to 
scales 2 and 3 (finer scales). Shearlet orientations: there are various orientations per scale, obtained 
from shears of the same element. Shearlet translations: elements (a), (c) and (d) have no translation 

(centered in the image), whereas (b) has some offset in time and in space. 
 

As Figure 2 illustrates, the principal idea in this paper is to apply shearlet dictionaries as sparse 
representation systems for spatio-temporal RIR measurements, data which consists of curved 
wavefronts of various shapes, propagation directions, and times of arrival. For instance, consider the 
spatio-temporal RIRs are arranged into a column vector 𝐩 ∈ ℝ$, with T as the total number of time 
samples and microphone positions, and define the shearlet dictionary matrix 𝚯 ∈ ℂ$×(, with 𝐹 > 𝑇 
as the total number of shearlet coefficients. Then, the RIRs can be synthesized from its corresponding 
shearlet expansion coefficients, s ∈ ℂ(, via the expression  

 
𝐩	=	𝚯s. (1) 

(a) (b) (c) (d) 
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Figure 2 – Shearlet decompositions of RIR data. (a) RIRs measured in a small office room with a 1D 
array, with microphone spacing 3 cm and sampling frequency 11250 Hz. (b) Decomposition of the 
RIRs into a “horizontal” shearlet [like the one in Fig. 1(a)]. (c) Decomposition of the RIRs into a 

“diagonal” shearlet [like the one in Fig. 1(c)]. Images are normalized for illustration purposes. 
 

2.2 RIR interpolation 
Let us begin by defining the RIRs measured at sparse positions, p1 ∈ ℝ2, as the action of under-

sampling the target RIRs, 𝐩, with an appropriate masking operator 𝚷 ∈ ℝ2×$, that is p1 = 𝚷𝐩 (see 
Figure 3). Using a shearlet dictionary as representation system via Eq. (1) leads us to the under-
determined system of equations 

 
p1	=	𝚽s	+	n, 

 
where the compressive sensing operator 𝚽 = 𝚷𝚯 ∈ ℂ2×( models the joint action of shearlet synthesis 
and spatial under-sampling, and the vector n ∈ ℝ2  accounts for measurement noise and 
approximation errors. The system under-determination is caused by the less observations than shearlet 
coefficients: 𝑈 ≪ 𝐹.  

   
 

Figure 3 – Applying the mask 𝚷 to an RIR dataset (left), to obtain the under-sampled RIR 
dataset (right). The vertical stripes in the right correspond to the missing microphone positions. 

Images are normalized for illustration purposes. 
 

Rooted on the assumption that the shearlet dictionary serves a reasonably sparse representation 
system of the RIRs, the search for the original (target) RIRs 𝐩 can be mathematically formulated as 
a convex optimization problem [13] 

 
min	
s
‖p1 − Φs‖?? + 𝜇‖s‖A, (3) 

(2) 

𝚷 

(a) (b) (c) 
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where the ℓC-norm is defined as ‖	∙	‖C = [	∑|	∙	|C	]A/C, and 𝜇 > 0 is a regularization parameter that 
balances the sparsity of the solution and the model misfit. In order to solve (3) efficiently with the use 
of fast Fourier transforms, one can run an iterative soft-thresholding algorithm [14]  
 

𝐬(M) = ℑP	Q𝐬(MRA) + 𝚽ST𝐩U −𝚽𝐬(MRA)VW, 
 
with some initial shearlet coefficient vector 𝐬(X), e.g. a zero vector, H denotes Hermitian transpose, 
and the action of a soft-thresholding operator over the 𝑖-th entry of the vector 𝐬 is defined as 
 

ℑP	{s[} = 	 sgn(s[)	∙	max(0, |s[| − 𝜇/2). 

 
At the γ-th iteration step, the RIRs are interpolated by computing the synthesis equation (1) with 

𝐬 = 𝐬(M). The value of 𝜇 can be chosen, for instance, from the corner of the Pareto frontier curve [15]. 
In this work we shall consider the computer implementation of the 3D discrete shearlet transform 
ShearLab [10], which allows us to process time-domain responses measured with 2D planar arrays. 
3D shearlets can be thought of as 2D shearlets with additional orientations and translations due to the 
additional spatial dimension. 

2.3 A note on sensing coherence 
Shearlets that are aligned with the time axis constitute artificial information, as their coefficient 

amplitudes are only caused by (coherent with) the missing microphone responses. On the contrary, 
shearlets that are aligned towards the spatial axes constitute natural information, as they are aligned 
with the acoustic wavefronts. In this way, it is crucial to remove (from the dictionary representation) 
the shearlets that are aligned with the time axis, such that the sensing coherence of 𝚽 is decreased 
and, as a consequence, the interpolation accuracy is increased. This issue, illustrated in Figure 4 below, 
was first described by Herrmann and Hennenfent, in their work on interpolating seismic traces with 
curvelets [16].  

 

 
 

Figure 4 – Artificial (and natural) information carried by “vertical” (and “horizontal”) shearlets 

3. SIMULATION SETUP 
The sound field in two rooms is predicted with finite elements in COMSOL. The first room is a 

2D shoebox [see Fig. 5(a)], of dimensions 8.5m x 10m, with acoustically hard walls. The second room 
has nonconvex geometry [see Fig. 5(b)], also with hard walls. The reason hard walls are considered 
is that they are associated with a less sparse (more challenging) sound field to reconstruct [7]. A point 
source is located at (𝑥, 𝑦) = (0,0) , which emits a Gaussian pulse at 𝑡 = 100  µs, with 500 Hz 
bandwidth, and 10-2 m2/s amplitude.  

Missing responses

Horizontal-like shearlet

Wavefront

Vertical-like shearlet

Time axis

Space axis

(4) 

(5) 
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Figure 5 – Illustration of the simulation setup in (a) room no. 1, shoebox, and (b) room no. 2, 
nonconvex. The source position is shown with the bigger circle, whereas the 32 x 32 array positions 

are shown with the smaller circles.  
 

The reference sound field is measured at 32 x 32 positions (see Fig. 5), separated by 20 cm. The 
responses are 274 ms, with sampling frequency of 1000 Hz. The under-sampled sound field is obtained 
from application of the masks –shown in Figure 6 below– at all time instants, resulting in spatial 
information sampled at 1/3 and 1/5 of the Nyquist-Shannon rate. Gaussian noise is also added to the 
sound field, so as to have a signal-to-noise ratio of 30 dB. 

 

 
Figure 6 – 2D spatial masks [measured (yellow) and masked (blue)] which are applied to the 

measured sound field at all time instants, in order to get the under-sampled RIRs. The masks are 
designed via jittered under-sampling [17], corresponding to (a) 67% and (b) 80% missing responses.  

 
The interpolation accuracy is quantified with the relative reconstruction error in dB 
 

ε = 10 logAX
i𝐩jkl − 𝐩jkmi

i𝐩jkmi
, 

 
where the subscripts “rec” and “ref” denote recovered and reference RIRs. In addition, the modal 
assurance criterion (MAC) [18] 
 

MAC(𝑓r) =
s〈𝐩jklu (: , 𝑓r), 𝐩jkmw(: , 𝑓r)〉s
s𝐩jklu (: , 𝑓r)s	s𝐩jkmw(: , 𝑓r)s

 

 
is also computed, which indicates the spatial similarity between the Fourier spectra (denoted with y ) 
of the recovered and reference RIRs at the 𝑗-th frequency.  

(6) 

(7) 

(a) (b) 

(a) (b) 
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4. INTERPOLATION RESULTS 
Figure 7 shows the interpolation results in the two rooms (arranged in rows), running a total of 200 

thresholding iterations, and using a 3D shearlet dictionary of 3 scales [10]. The relative error is in this case 
−13.2 dB in the shoebox room, and −12.7 dB in the nonconvex room. Overall there is good agreement 
between the interpolated and reference RIRs; however, some artifacts due to the mask can be observed in the 
interpolated responses (middle column of Fig. 7). These artifacts can, on the one hand, be attributed to too 
large a gap between missing positions compared with the size of the shearlets [19]; but, on the other hand, to 
the lack of spatial periodicity in the RIRs, which can cause shearlets to wraparound at the edges of the array 
– similarly to the leakage problem in Fourier acoustics [20].  

 

Figure 7 – RIR interpolation results, with spatial under-sampling factor of 3, and during the first 100 
ms of responses. Top row: results in room no. 1, shoebox [see Fig. 5(a)]. Bottom row: results in room no. 2, 

nonconvex [see Fig. 5(b)]. Left column: under-sampled RIRs. Middle column: interpolated RIRs. Right 
column: reference RIRs.  

 
Figure 8 shows the same kind of results as Figure 7, but with the spatial under-sampling factor of 5. As 

more information is missing, conditions become more challenging to recover the original responses: lower 
probability of information recovery [2]. Nevertheless, some of the wavefronts are reasonably interpolated in 
the narrower gaps between missing positions. In this case, the relative errors are −5.1 dB and −5.2 dB in 
room no. 1 and 2, respectively.  

To complement these results, the MAC is plotted in Figure 9, for RIRs interpolated in the two rooms, and 
with the two spatial under-sampling factors (3 and 5). It is clear to see that the MAC values are closer to 1 in 
a broader bandwidth as less information is missing. For instance, the MAC values obtained from 67% under-
sampling seem to remain above 0.6 up to 400 Hz, which means the interpolated RIRs are not far from the 
reference. Also, the results do not seem to be largely influenced by the convexity of the acoustical space, 
which can be considered promising towards the search of sparse representation systems for RIRs measured 
in complex acoustical spaces. 
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Figure 8 – RIR interpolation results, with spatial under-sampling factor of 5, and during the first 100 

ms of responses. Top row: results in room no. 1, shoebox [see Fig. 5(a)]. Bottom row: results in room no. 2, 
nonconvex [see Fig. 5(b)]. Left column: under-sampled RIRs. Middle column: interpolated RIRs. Right 

column: reference RIRs.  
 

 
 

 
 

Figure 9 – Modal assurance criterion (MAC) values against frequency, for 67% (solid) and 80% (dotted) 
missing responses. (a) Room no. 1 (b) Room no. 2.  

5. CONCLUSIONS 
This paper presents the application of shearlet dictionaries to the problem of reconstructing room 

impulse response (RIR) measurements with sparse microphone arrays. The idea can be understood as 
approximating the spatiotemporal wavefronts into a sparse set of curves of various sizes, orientations, 
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and translations. Then, based on the assumption of RIR sparsity in the shearlet domain, the 
interpolated solution can be approximated by running an iterative thresholding algorithm. For 
validation purposes, the sound field is numerically computed in two rooms using finite elements, and 
thereafter under-sampled in space by a factor of 3 and 5; resulting in 67% and 80% missing responses, 
respectively. The results demonstrate a reasonably accurate interpolation of the 67% missing 
responses in a frequency range up to 400 Hz, and in the presence of background noise 30 dB below 
the signal level. In the case of 80% missing responses, too much information is lost and the 
interpolation RIRs disagree with the reference RIRs. Overall, the promising results obtained here 
motivate further investigation under experimental conditions and in a broader frequency range.  
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ABSTRACT
This article pertains to parametric rendering of microphone array impulse responses, such that the spatial char-
acteristics of a captured space may be imposed onto a monophonic input signal and reproduced over an array
of loudspeakers. Parametric methods operate by analysing a set of spatial parameters, dividing the response
into components based on an assumed sound-field model, and rendering the components to the loudspeaker
array using techniques informed by the analysis. For a direct/diffuse model, the sound is divided into non-
diffuse and diffuse components, which are reproduced using directional and surrounding reproduction methods,
respectively. In many cases, the input is first divided into frequency bands for the analysis and reproduction.
In this article, a method capable of accommodating higher-order spherical harmonic input is proposed, which,
based upon initial testing, appears to overcome some of the limitations exhibited by existing methods. The
proposed approach operates by partitioning the sound-field into multiple directionally biased sectors, which are
then analysed independently. The non-diffuse components are reproduced individually for each sector using
amplitude-panning, whereas the diffuse components are encoded back into the spherical harmonic domain, and
subsequently reproduced via linear decoding, followed by decorrelation. An open-source implementation of the
proposed method is also described.
Keywords: spatial impulse response rendering, spherical harmonic domain, loudspeaker reproduction

1 INTRODUCTION
Over the years, only a small hand-full of methods have been proposed for the task of reproducing an anechoic
input signal, such that it may exhibit the spatial characteristics of a captured space. Essentially, these methods
operate by synthesising suitable loudspeaker or headphone impulse responses (IRs), using microphone array IR
measurements of a space. Ideally, the reproduced transfer function at the listening position, should exactly match
that of the transfer function of the original space in the recording position; naturally, the listening room should
be as anechoic as possible. Existing methods proposed for this task may be loosely categorised as either non-
parametric or parametric in nature. Non-parametric methods operate via a linear combination of the microphone
IRs, in order to synthesise the loudspeaker or headphone IRs. Ambisonics is one such example, which has
had many decoding strategies proposed over the years [1, 2, 3] and operates on spherical harmonic IRs (or
signals) as input; this is an intermediate format, acquired after suitable spatial encoding of the microphone
array input [4]. Methods formulated in the spherical harmonic domain (SHD) are of particular interest, as
they allow the microphone array specifications to be largely abstracted away from the algorithms that employ
them. The main issue with non-parametric methods, however, is that they are inherently limited by the spatial
resolution of the input format, which is especially poor when employing first or lower-order spherical harmonic
input. This ultimately results in erroneously high signal-coherence between the loudspeaker or binaural channels,
which, in turn, leads to the incursion of several perceptual deficiencies, including: localisation ambiguity, signal
colouration, comb-filtering and a loss of envelopment [5, 6, 7, 8].

In an attempt to overcome many of the limitations associated with non-parametric rendering approaches,
parametric alternatives have been developed [9, 10, 11, 12, 13, 14, 15]. These methods exploit the predicable
structure of room IRs, which often exhibit strong peaks in the early response, corresponding to early directional
components, followed by a much denser and exponentially decaying tail, corresponding to late reverberation.
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Parametric methods, therefore, essentially employ a sound-field model, which lays out a set of assumptions
regarding the composition of the sound-field and the response. Many of which are also considered to be per-
ceptually motivated, as they often factor in the known temporal, frequency, and spatial resolution of human
hearing [16, 17, 18, 19].

1.1 Spatial Impulse Response Rendering (SIRR)
Spatial Impulse Response Rendering (SIRR) [9, 10] was the first proposed parametric reproduction method,
which built upon the spatial analysis techniques described in [20, 21, 22, 23]. The method employs a sound-
field model which assumes the existence of many narrow-band and time-varying directional components and an
isotropic diffuse-field. To realise this model in practice, SIRR operates in the time-frequency domain and esti-
mates a source direction-of-arrival (DoA) and a diffuseness parameter at each time-frequency tile. The temporal
and frequency resolution is determined by the short-time Fourier transform (STFT) or filter-bank chosen for this
task. As suggested in the original SIRR publication [9], the required parameters may be estimated, although
not exclusively, by using the energetic properties of the active-intensity vector [20, 24]. The active-intensity
vector may be estimated using first-order spherical harmonic components, which may be derived from 3-D mi-
crophone arrays of four or more sensors [4]. Since the active-intensity vector points in the direction of the
flow of acoustical energy, an assumption is made that the opposite direction corresponds to the source DoA,
while the diffuseness parameter is derived as a single-channel Wiener filter on the diffuse-energy [25]. SIRR
then synthesises the loudspeaker IRs by panning the omni-directional component to the analysed DoA using
vector-base amplitude-panning (VBAP) [26], and replicating the omni-directional component to all loudspeaker
channels, followed by decorrelation. The balance between these direct and diffuse streams is dictated by the
temporal and frequency-dependent diffuseness parameter.

While the SIRR method has been shown to be perceptually similar to reference cases in listening tests [10],
its sound-field model is limited in two respects. Firstly, only one DoA estimate is extracted per time-frequency
tile, which is problematic if multiple reflections land in the same time-frequency tile. Secondly, the original
formulation also forces an isotropic diffuse-field, which may not correspond to that of the original space. This
latter limitation may, however, be minimised by employing cardioid beampatterns for each loudspeaker direction
(akin to ambisonic decoding), rather than replicating the omni-directional component for each loudspeaker chan-
nel; this was later suggested in [25]. However, the diffuse stream is still modulated with direction-independent
diffuseness values.

1.2 Spatial Decomposition Method (SDM)
Another example of a parametric reproduction method, intended for microphone array IRs, is the Spatial De-
composition Method (SDM) [11], which was developed to overcome SIRR input limitations by employing the
microphone array signals directly. While the SHD is often considered a more convenient format, some loss of
spatial performance is incurred during the conversion. The SDM approach operates based on the assumption
that the sound-field is composed of a single time-varying broad-band source. The temporal resolution of the
method is determined by the moving windowing function and its chosen hop-size. In practice, and as sug-
gested by the authors, an open spherical microphone array of four or more omni-directional sensors may be
employed. The DoA may then be estimated via the cross-correlation between the microphone array channels,
using very short windows of the order of approximately 1 ms. This correlation-based analysis principle is the
same as the one proposed earlier in [20]. The authors of SDM also later developed a first-order SHD variant
(SDM-B-Format) [27], which operates based on the broadband intensity vector in the same manner as SIRR;
albeit, without frequency resolution or dedicated diffuse stream rendering. During the synthesis stage, the omni-
directional component (sum of all the sensor signals) is either quantised to the nearest loudspeaker or panned
using VBAP or Ambisonics. Since SDM was originally intended for concert hall auralisation, quantisation is
generally more preferable as timbral colouration is minimised. Note that while the method employs no dedi-
cated diffuse-stream, it makes the assumption that the DoA will fluctuate randomly in all directions during the
late part of the response, thus resulting in a diffuse tail.

One of the main limitations of SDM, however, is that low-frequencies, with wavelengths longer than that
of the analysis window length, are effectively divided into shorter temporal components and then panned using
broad-band DoA estimates. This processing introduces time-varying distortions and colouration of the loud-
speaker output. However, as suggested by the authors, this may be mitigated by applying an adaptive post-filter
on the outputs, in order to bring its spectra closer to that of the input. In [11], listening tests were conducted,
which compared SDM with their own implementation of the SIRR method. The authors simulated a six sensor
array for the SDM test cases, and applied additional spatial encoding to obtain first-order spherical harmonic
components for the SIRR test cases. The results indicated that SDM yielded a closer similarity to the reference
test cases, when compared to SIRR. However, it should be noted that open arrays with omni-directional sensors
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are not well suited to this conversion [28]. The authors also did not detail how they conducted this conversion.

1.3 Parametric methods for continuous microphone array input
While parametric methods intended for microphone array IRs are few in number, there are many for the task
of reproducing continuous microphone array input. For example, the sound-field model employed in SIRR was
later used in the first formulation of Directional Audio Coding (DirAC) [25], which operated on first-order
spherical harmonic signals as input. Later formulations of DirAC also accommodate higher-order input signals
[29, 30], and operate by segregating the sound-field into several spatially-selective sectors. This partitioning of
the sound-field allows DirAC to subsequently determine multiple DoA and diffuseness parameters at each time-
frequency tile; which has been shown to improve the perceived spatial accuracy for challenging sound scenes
[29, 30]. High-Angular Plane-wave Expansion (HARPEX) [31] is another example of a parametric method,
which is also intended for continuous spherical harmonic signals as input. It employs a sound-field model that
assumes two plane-wave components in each time-frequency tile and no diffuse rendering. The Sparse-Recovery
method, proposed in [32], employs a sound-field model consisting of a number of source components, up to half
the number of input channels, using arbitrary order input. More recently, the Coding and Multi-Parameterisation
of Ambisonic Sound Scenes (COMPASS) method was proposed in [33], which also employs a sound-field
model consisting of multiple source components, up to half the number of input channels, but also includes an
additional residual component. This residual component is obtained by subtracting the source components from
the input sound-field, which therefore encapsulates all of the remaining ambient and diffuse components. An
ambisonic decoder is then employed to reproduce the ambient stream.

1.4 Motivation for this work
In recent years, the realm of parametric rendering has seen far greater advances with regard to the reproduction
of continuous microphone array signals, compared with IRs. Indeed, existing parametric methods for IRs, such
as SIRR and SDM, do not take advantage of many of the advancements that their continuous signal counterparts
employ today. Therefore, this paper proposes a higher-order formulation of the SIRR method (HO-SIRR). Much
like recent formulations of the DirAC method [29, 30], HO-SIRR extracts multiple DoA estimates per time-
frequency tile by segregating the sound-field into individual sectors; provided higher-order input signals are
available. The spatially biased components are then panned to their respective analysed directions using VBAP.
Furthermore, unlike the diffuse stream rendering conducted in legacy SIRR, the proposed formulation first scales
the sector signals with the corresponding diffuseness values and encodes them back into spherical harmonics.
This SHD diffuse stream is then decoded to the loudspeaker set-up using an ambisonic decoder, followed by
decorrelation of the loudspeaker channels; an approach reminiscent of the ambient rendering conducted by the
COMPASS method [33]. The proposed formulation is intended to be more robust in cases where multiple
directional components arrive in the same time-frequency tile, and to also reproduce a non-isotropic diffuse-
field more faithfully. Visual depictions of energy spectrograms using different parametric methods, alongside
a reference case, are also presented, which appear to validate these objectives. Furthermore, an open-source
implementation of the proposed method is detailed.

2 LEGACY SPATIAL IMPULSE RESPONSE RENDERING (SIRR)
The original SIRR formulation [9, 10] operated on first-order, N = 1, spherical harmonic signals as input
a1(t, f ) = [a00(t, f ),a1(−1)(t, f ),a10(t, f ),a11(t, f )]T, in the time-frequency domain; where t and f refer to the
time and frequency indices, respectively. A parameter vector, p1 = A [a1] = [θ ,φ ,ψ], is then estimated for each
time-frequency tile, which consists of the azimuth-elevation angles, θ ,φ , and the diffuseness, ψ . As suggested
in the original publication [9], these parameters may be extracted via the energetic properties of the active-
intensity vector [20, 24], which can be derived from the zeroth and first-order spherical harmonic components
(note that the time and frequency indices are henceforth omitted for the brevity of notation)

ia =−ℜ[pu∗], with1 u'− 1
ρ0c
√

3

 a11
a1(−1)
a10,

 , and p' a00 (1)

where ℜ denotes the real operator, p is the sound pressure, ρ0 is the mean density of the medium, c is the
speed of sound, and u is the particle velocity. The particle velocity may be estimated in this manner, with the
assumption that the sound sources are received as plane-waves [34]. The parameters may then be estimated as

θ ,φ = ∠− ia
||ia||

, and ψ = 1− 2||ia||
|p|2 +uHu

. (2)

1Assuming ortho-normalised (N3D) real SHs with ACN indexing. Omit the 1/
√

3 term if using the semi-normalised (SN3D) convention.
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Figure 1. Example directivity patterns of sector components, employing second-order spherical harmonics and a
hyper-cardioid beamformer with maxRE weighting [2].

The direct, ydir ∈ RL×1, and diffuse, ydiff ∈ RL×1, loudspeaker IRs are then independently synthesised, for each
time-frequency tile, by employing the analysed parameters as

ydir =
√

1−ψ g(θ ,φ)a00, and ydiff =

√
ψ

L
D [1La00] , (3)

where L is the number of loudspeakers; g(θ ,φ) ∈ RL×1 are the VBAP gains corresponding to the estimated
DoA; 1L ∈ RL×1 is a vector of ones to replicate the omni-directional component, a00, to each loudspeaker
channel; and D [.] denotes a de-correlation operation on the enclosed signals. The final time-domain loudspeaker
IRs may be acquired by summing the two streams, followed by an appropriate inverse time-frequency transform.

3 PROPOSED HIGHER-ORDER FORMULATION (HO-SIRR)
The original SIRR formulation has been shown to perform well in listening tests, under certain conditions
[10]. However, the method is limited in two key respects: firstly, the method can only estimate one DoA at
a time, which is problematic if multiple reflections land in the same time-frequency tile; and secondly, the
method forces the diffuse stream to be isotropic, which may not correspond to the true input diffuse properties.
Therefore, the proposed HO-SIRR formulation incorporates support for higher-order input, to allow for multiple
simultaneous DoA estimates, and conducts the diffuse stream rendering in a manner that can more faithfully
reproduce a non-isotropic diffuse-field.

In order to conduct the higher-order analysis, N > 1, the sound-field is first weighted multiple times, with
each weighted variant favouring energetic contributions arriving in one specific direction. This operation is
similar to the higher-order analysis employed by DirAC for reproduction purposes [29], and to the directional
re-assignment of beamformer energy approach for visualisation purposes [35]. This spatial weighting allows for
the estimation of multiple spatially-localised active-intensity vectors

ia,s = ℜ[psu∗s ], with
[

ps
us

]
= Ws aN . (4)

where Ws ∈ R4×(N+1)2
is a matrix of beamforming weights, which provide the spatially weighted pressure and

particle velocity components for sector s. Note that the sector directions should, ideally, uniformly sample the
sphere, and higher input orders allow the sound-field to be more finely segregated. Example sector patterns are
depicted in Fig. 1. For information regarding how to compute these beamforming weights, the reader is referred
to [36].

A higher-order parameter vector is then obtained by extracting the SIRR parameters for all S sectors

pN = A [aN ] = [θ1,φ1,ψ1, ...,θS,φS,ψS]. (5)

If higher-order components are not available, then the analysis reverts back to first-order SIRR analysis.
The sector signals are then panned using VBAP to the loudspeaker channels and accumulated, which yields

the direct stream as

ydir =
S

∑
s=1

√
1−ψs

S
g(θs,φs) ps. (6)

For the diffuse stream, when employing higher-order input, the sector signals are first scaled with the cor-
responding diffuseness values and re-encoded back into the SHD. Whereas, when using first-order input, the
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signals are simply scaled with the diffuseness value

adiff =


√

ψ1
(N+1)2 a1, for N = 1

∑
S
s=1

√
ψs
S y(s)N ps, for N > 1

 , (7)

where y(s)N are the spherical harmonic weights for the corresponding sector direction, and adiff is the diffuse
stream expressed in the SHD. The loudspeaker diffuse stream, ydiff, is then obtained via ambisonic decoding,
followed by a decorrelation operation on the loudspeaker channels

ydiff = D [DL adiff] , (8)

where DL ∈RL×(N+1)2
is an ambisonic decoding matrix of real-valued gains, which can be calculated using one

of a number of methods [1, 2, 3]. Note that when N > 1, the method renders the diffuse components in a non-
isotropic manner. Furthermore, contrary to the legacy SIRR approach, the proposed formulation still employs an
ambisonic decoder when N = 1, rather than replicating the omni to the loudspeaker channels. This is generally
preferable, as it allows for some degree of spatial separation across the loudspeaker channels, which has been
found to sound more natural in [25].

3.1 Open-source Implementation
An open-source MATLAB implementation2 of the proposed method has also been developed. By default, the
method employs a frequency-resolution of 128 uniformly-spaced bins and 50% window overlap. However, the
implementation also supports multi-resolution STFT processing, allowing the user to dictate different temporal
and frequency resolution trade-offs for different frequency ranges. Furthermore, an option to isolate the direct
peak and pan it using a broadband DoA estimate is included, which may reduce timbral colouration in some
cases.

4 EXAMPLE ENERGY SPECTROGRAMS
To gain some insight into the performance of the different parametric methods, acoustical simulation tools were
used to create reference impulse responses for a 64-channel spherical loudspeaker array. Spherical harmonic
IRs were then synthesised by applying the appropriate direction-dependent weights for all rays that arrived
at the listening position in the simulation. These spherical harmonic IRs were then passed through different
rendering methods, in order to generate loudspeaker IRs for comparison with the reference. The SDM-B-Format
implementation by the original authors was employed [27], alongside the open-source implementation of the
proposed HO-SIRR method; the latter was configured to utilise a 128 uniform frequency resolution and a 50%
temporal overlap.

To illustrate the differences between SDM-B-Format, SIRR and HO-SIRR (third-order), energy spectrograms
of the rendered and reference 64-channel IRs are depicted in Fig. 2. The energy spectrograms were low-
pass filtered using a first-order IIR filter with a cut-off frequency of 100 Hz, in order to improve graphical
clarity. The reference case is shown in Fig. 2(a), where the direct path and early reflections are visible as
distinct peaks, and the late reverberation exhibits a relatively smooth downward trending surface. The SDM-
B-Format case is shown in Fig. 2(b), where it can be observed that the early peaks are similar to that of the
original response. However, the late reverberation consists of a multitude of sharp peaks which are not present
in the reference case. The first-order SIRR energy spectrogram with the diffuse-stream disabled, exhibits a
similar early response to the SDM-B-Format case, as shown in Fig. 2(c). However, the introduction of bin-wise
processing and/or larger temporal windows, appears to yield a smoother late response, but is still quite sporadic
when compared to the reference. The inclusion of the diffuse stream, however, clearly improves the surface
of the late energy decay response, as shown in Fig. 2(d). The HO-SIRR test case without a diffuse-stream,
Fig. 2(e), appears to be more stable in the early response than that of its first-order counterpart, which may
indicate that the sector-based directional analysis is more robust. Finally, HO-SIRR with the dedicated diffuse
stream, as shown in Fig. 2(f), appears to yield an energy spectrogram that most closely resembles the reference.
However, it is important to note that these figures are provided only to give a rough idea of the differences
between the methods. The perceptual consequences of these observable differences have to be investigated with
formal listening tests, which is a topic of future work.

2The MATLAB source code (GPLv3 license) of the proposed method is available here: https://github.com/leomccormack/HO-SIRR
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(a) Reference (b) SDM-B-Format (broad-band SIRR without diffuse stream)

(c) 1st-order SIRR without diffuse stream (d) 1st-order SIRR with diffuse stream

(e) 3rd-order SIRR without diffuse stream (f) 3rd-order SIRR with diffuse stream

Figure 2. Energy spectrograms of impulse responses rendered for a 64-channel loudspeaker array. The default
SDM-B-Format implementation by the original authors [27] and the open-source implementation of HO-SIRR
were employed for the renderings.
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5 CONCLUSION
This paper has proposed a new formulation of the Spatial Impulse Response Rendering (SIRR) method, which
can accommodate higher-order input, thus allowing it to address many of the shortcomings of the original for-
mulation. The proposed method is able to analyse multiple simultaneous directional components, by segregating
the sound-field into individual sectors and extracting parameters for each. The higher-order processing also
allows for a directional diffuse stream, which is contrary to the majority of parametric methods proposed to
date. Informal visual inspection of energy spectrograms indicate that the higher-order analysis and a dedicated
diffuse-stream, appear to yield rendering outputs which more closely resemble the reference; when compared to
the original SIRR formulation and the Spatial Decomposition Method (SDM). A more comprehensive evaluation
of the method is a topic of future work.
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Deep Learning Applied to Dereverberation and Sound Event Classification 
in Reverberant Environments 
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1 Department of Power Mechanical Engineering, National Tsing Hua University, Taiwan 

ABSTRACT 
This paper investigates dereverberation and sound event classification techniques, with the aid of deep 
learning. The proposed system consists of two units: a microphone array front-end and a deep learning 
back-end. The system is examined in the context of two important acoustic signal processing: 
dereverberation and sound event classification (SEC). For the dereverberation problem, a neural 
network-based approach is compared with other state-of-the-art methods such as beamforming, the 
multi-channel inverse filtering (MINT), the multi-channel Wiener filter (MWF), and the variance-normalized 
delayed linear prediction (NDLP). For the SEC problem, two approaches are also compared. Approach 1 is 
based on the signals enhanced by the microphone array front-end, which serves as the input to the back-end 
deep neural network (DNN) classifier. The DNN is implemented by using the VGGNet®. Approach 2 is a 
direct approach that uses reverberant data directly to train the classifier without the front-end enhancement. 
The audio features are extracted as MFSC from the AudioSet from Google®. A room response simulator 
based on the image source method is employed to create reverberant signals for numerous RT60 conditions in 
the training phase. Perceptual evaluation of speech quality (PESQ) and F1-score are adopted to assess the 
audio quality and classification performance. 
Keywords: Deep Learning, Reverberation, Sound Event Classification 

1. INTRODUCTION 
In Automatic Speech Recognition (ASR), the quality of speech signals can be degraded due to 

acoustically adverse factors such as background noise and reverberation. Reverberations are more 
intractable than background noise because the direct sound and reflections are mutually correlated. In 
the past, dereverberation algorithms (1-3) were proposed to enhance the speech quality. 

A straightforward way of eliminate reverberation is to deconvolve the reverberant signals using 
the room impulse responses (RIRs). The Multiple Input /Output Inverse Theorem (MINT) (4, 5) was 
suggested to deal with dereverberation problem with great success. However, this approach requires 
the prior knowledge of RIRs with fixed source-receiver positions. Alternatively, the Multichannel 
Wiener Filter (MWF) (6) which consists of a Minimum Variance Distortionless Response (MVDR) 
cascaded with a single channel post filter can be used. On the other hand, linear prediction 
(LP)-based methods exploit the fact that the late reverberation is correlated with the direct signals. 
Based on this notion, the Variance-Normalized Delayed Linear Prediction (NDLP) (3, 8) was 
proposed to eliminate late reverberation signals. 

Recently, Deep Neural Networks (DNN) have emerged as powerful tools for regression and 
classification problems. For dereverberation tasks, some methods (8, 9) attempt to map reverberant 
features into anechoic features, while others (10, 11) map input features into a time-frequency mask. 
In this paper, DNNs are employed to handle dereverberation and sound event classification (SEC) 
tasks. For dereverberation problems, fully connected neural networks are compared with the 
traditional methods. For classification problems, two approaches are compared. In approach 1, 
dereverberation algorithms were applied to enhance the sound event data convolved with room 
impulse responses (RIRs). Approach 2 can be regarded as an end-to-end approach, where the 
reverberant features and clean features are jointly fed into the neural network. Finally, the 
performance of algorithms is discussed and concluded. 

                                                        
1 msbai@pme.nthu.edu.tw 
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2. MULTICHANNEL DEREVERBERATION METHODS 

2.1 Multiple-input/output Inverse Theorem (MINT) 
Consider the scenario with one source and a 2-microphone array. The system convolution matrix 

can be written as 
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where ng  stands for room impulse response from the source to the n-th microphones. The 
dereverberation problem can be written as a model matching problem 
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where h  stands for filter coefficients and m  stands for matching model. The model matching 
problem can be rewritten as 
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(3) 

A regularized least-square solution can be written as 
2 1( )H Hβ −= +h G G I G m , (4) 

where β  stands for regularization parameter. 

2.2 Multichannel Wiener Filter (MWF) 
Consider a scenario with a single speech source and 2M ≥  microphones. The m-th microphone 

signal, 1,  ...,  m M= , of frequency index k and frame index l is given by 

, ,( , ) ( , ) ( , )m d m r mX k l X k l X k l= + , where , ( , )d mX k l  denotes the direct and early reverberant signal 

and , ( , )r mX k l  denotes the late reverberant signal. Thus, the reverberant signal can be written in 
vector form 

( , ) ( , ) ( , )d rk l k l k l= +x x x , (5) 
where [ ]1 2( , ) ( , ) ( , ) ( , ) TMk l X m l X m l X m l=x ! . Modeling the source signal as single point-source, the 
vector ( , )d k lx  can be written as 

( , ) ( ) ( , )d k l k S k l=x d , (6) 
where ( , )S k l  is the target signal and [ ]1 2( ) ( ) ( ) ( ) TMk D k D k D k=d !  is the steering vector of the 

microphone array. The Power Spectral Density (PSD) matrix, ( , ) E{ ( , ) ( , )}H
x k l k l k l=R x x , can be 

written as 
( , ) ( , ) ( , )

d rx x xk l k l k l= +R R R  (7) 
Using Equation 6 in the matrix ( , )

dx
k lR  leads to 
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( , ) ( , ) ( ) ( )
d

H
x sk l k l k k=ΦR d d , (8) 

where ( , )r k lΦ  is the PSD of the late reverberant signal and ( )kΓ  denotes the time-invariant 

normalized spatial coherence matrix of the late reverberation. The output signal ( , )Z k l  is given as 

( , ) ( , ) ( , ) ( , ) ( , )H H
d rZ k l k l k l k l k l= +w x w x  (9) 

From (12), the optimal weight of the MWF can be derived as an MVDR beamformer MVDRw  cascaded 

with a single-channel Wiener postfilter 
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In (6), the Eigenvalue Decomposition (EVD) estimator was proposed to estimate reverberation level 

1 1
1

1ˆ ( { ( ) } { ( ) })
1
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M
λ− −Φ = −

−
R Γ R Γ , (11) 

where {}tr ⋅  denotes matrix trace and 1{}λ ⋅  denotes the largest eigenvalue. 

2.3 Normalized Delayed Linear Prediction 
Consider an acoustic scenario in which a single source signal is captured by M microphones in a 

reverberant room. The signal ( )m
tx  picked up at the m-th microphone and time index t can be modeled 

as 
( ) ( ) ( )m m m
t t tx d r= + , (12) 

where ( )m
td  is the direct signal and the early reflections and ( )m

tr  is the late reverberation. As shown 
in (13), the observe signal in Equation 12 can be rewritten as 
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Where ( )m
kc  is the filter coefficient of m-th microphones, mL  is the number of the microphones 

and wL  is the length of the filter coefficient. Equation 13 can be rewritten in vector form as 

( ) ( ) ( )( )m m T m
t t D tx d−= +c x , (14) 

where 
( )(1) (2)[( ) ( ) ( ) ]mLT T T

t t t t=x x x x!  (15) 
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c

m m m m T m m T m m T T
Lc c c′ ′ ′ ′=c !  (18) 

In Equations 12 and 13, the late reverberation in the observed signal is predicted using a D-step 
linear predictor by convolving past observed signals with the filter coefficients ( )mc  of the order of 

cL . By doing so properly, the prediction residual signal is the desired signal ( )m
td . So the desired 

signal can be estimated from Equation 14. By maximizing the log-likelihood function in (7), the 
least-square solution of the regression coefficients is 
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where the superscript “ +” stands for pseudo inverse. 

2.4 DNNs-based Dereverberation 
A deep neural network (DNN) is a machine learning method based on artificial neural networks 

with multiple hidden layers inserted between the input layer and the output layer. Similar to the 
network architecture in (9), the proposed DNN is depicted in Figure 1 
 

 
Figure 1 – Fully connected neural network with 5 hidden layers of 1024, 1024, 1024, 512, 128 nodes 

Let the signals received by M microphones be ( ),  1,2,ir t i M= ! . In order to incorporate temporal 

dynamics, we include the spectral features of neighboring times into a feature vector ( )i tr : 

[ ]( ) ( ) ( ) ( )i i i i i it r t d r t r t d= − +r ! ! , (20) 

where id  denotes the frame size in the i-th channel. As a result, the input vector is a concatenation of 
selective signal frames comprised spatially from each microphone and temporally from adjacent time 
indexes: 

1 2( ) [ ( ) ( ) ( ) ]i Mt t t t=r r r r! "  (21) 
In the training phase, the output signals of the DNN ( )x t  are calculated by forward propagation, 
while the network parameters are updated through backpropagation by minimizing the mean square 
error. In the testing phase, the forward propagation will be performed to reconstruct the desired 
signals from the input features. 

3. SOUND EVENT CLASSIFICATION (SEC) 

3.1 Sound Event Dataset and Feature Extraction 
The dataset is a subset of AudioSet from Google®. It consists of 4 classes of domestic sound 

events and 4400 sound clips in total. The data are firstly clipped into 10-second segments and then 
divided into training dataset (3400 audio clips) and evaluation dataset (1000 audio clips), 
respectively. Features extraction is performed on the data input to models. Mel-frequency cepstral 
coefficients (MFCCs) have been widely used as features for conventional methods. However, log 
mel-frequency spectral coefficients (MFSCs) are increasingly popular because the cosine transform 
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performed at the last stage in calculating MFCCs may not preserve locality. In this paper, frames are 
processed with hamming windows and 1024-point FFT, and 256 hop size. 

3.2 Network Architecture 
Convolutional neural networks that have been widely used in image recognition tasks are utilized 

here in sound event classification tasks. Visual Geometry Group Network (VGGNet) (14) from 
ImageNet Large Scale Visual Recognition Competition (ILSVRC) 2014 is one of many well 
developed CNN-based architectures. By using 2 concatenated 3 x 3 filters, it actually covers a 5 x 5 
region. Thus, large-size filters are not required and the number of parameters can be reduced. In this 
paper, VGG-like Network was used. Since the size of dataset is smaller than ImageNet (15), the 
proposed VGG-like network only adopted 6 convolutional layers to prevent overfitting. The overall 
architecture is depicted in Figure 2. 
 

 
Figure 2 – The proposed VGG-like network. Hyper-parameters are indicated. For example, (3 x 3, 40) 

symbolizes that the filter size is 3 x 3 and the number of filters is 40. 1280 means the number of node. 

4. SIMULATION AND DISCUSSION 

4.1 Image Source Method (ISM) Simulation 
In this section, the proposed DNN is examined in a reverberant environment with reverberation 

time T60 ranging from 0.1 to 1 sec with an increment of 0.1 sec. The RIRs were simulated using ISM 
(16). Eight microphones are placed along a straight line at (4, 1, 2), (4, 1.1, 2), (4, 1.2, 2), (4, 1.3, 2), 
(4, 1.4, 2), (4, 1.5, 2), (4, 1.6, 2), and (4, 1.7, 2) meters in a rectangular room with dimensions 6 x 4 x 
2 meters. The sound source is positioned at (2, 3, 1.5) meters. 

4.2 PESQ Evaluation 
To begin with, PESQ is used to evaluate the dereverberation performance when applying to a 

10-second speech clip. The speech signal is filtered by RIRs with different T60’s. Figure 3 compares 
the dereverberation performance of all algorithms investigated. 

 
Figure 3 – Comparison of dereverberation algorithms for different reverberation times (T60). 
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It can be seen from the results that the MINT performs the best in dereverberation, while it requires the 

prior knowledge of the room response. On the other hand, the DNN approach outperforms the NDLP and 

MWF methods in a more practical setting where the information of room responses is not available. 

4.3 F1-score Evaluation 
In this section, F1-score is used as the performance metric of sound event classification without 

or with the reverberation, as shown in Table 1. 
 

Table 1 – F1-score Evaluation 

Case Training Testing F1-score 

1 Clean Clean 0.84 

2 Clean Reverb 0.76 

3 Clean MINT 0.84 

4 Clean MWF 0.78 

5 Clean NDLP 0.70 

6 Clean DNN 0.82 

7 Mixed Reverb 0.85 
 
In the table, “Clean” represents the unprocessed anechoic data. “Reverb” means the reverberant 
signal (T60=0.5sec). “Mixed” means the signals combining the “Clean” and “Reverb” signals. 
“MINT”, “MWF”, “NDLP”, and “DNN” represent the signals dereverberated by using MWF, NDLP, 
and DNN. 

5. CONCLUSIONS 
Dereverberation approaches using an end-to-end DNN-based approach has been compared with 

existing two-stage methods, MINT, MWF, and NDLP. The results have demonstrated that the 
DNN-based approach is more advantageous than the two-stage methods in terms of its 
dereverberation performance and its room acoustics-free implementation. However, as a limitation, 
the proposed DNNs-based method requires a large quantity and high quality dataset.  

Dereverberation algorithms are also compared for SEC tasks. Although the two-stage methods are 
effective in dereverberation, they suffer signal distortions and hence degraded classification rate in 
F1-score. In contrast, the end-to-end DNN-based approach using mixed data (case 7 in Table 1) has 
demonstrated superior classification performance over two-stage methods. 
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Abstract
Sound spatial information benefits human listeners in reverberant environments. This paper deals with the
problem of binaural dereverberation, which reduces reverberation and meanwhile preserves the sound spatial
information at the binaural outputs. A widely linear (WL) filtering framework is adopted where the multiple
real microphone signals are merged into complex signals. The desired binaural outputs are also converted
into complex signals with one channel being its real part, and the other channel being its imaginary part.
By doing so, we transform the problem of binaural dereverberation to one of monaural dereverberation. In
such a framework, the complex late reverberation is modeled using the multichannel delayed WL prediction
by fully taking advantage of the noncircularity of the complex signals. A maximum likelihood method is
then developed to estimate the optimal prediction filter with the speech signal of interest being modeled by
a complex normal distribution. The relationship between the proposed method and the weighted prediction
error (WPE) method is also discussed. Finally, simulation results are provided to justify the effectiveness of
the developed method.

Keywords: Binaural dereverberation, delayed linear prediction, widely linear estimation, spatial infor-
mation preservation.

1 INTRODUCTION
In various speech-related communication and human-machine interface systems, dereverberation is a critical
problem since room reverberation may significantly degrade the speech quality and speech intelligibility as
well as the recognition performance of automatic speech recognition (ASR) systems. As a result, tremendous
research efforts have been devoted to this problem over the past few decades [1–8]. Most such efforts
so far are focused on producing a single-channel dereverberated speech output. However, in hearing aid,
virtual/augmented reality, and many other applications, in addition to reducing the reverberation effect, a
key challenge is also to preserve the spatial information of the sound source such that after dereverberation,
the human listeners can better localize the sound source with a binaural output. This problem is called
binaural dereverberation [9–13]. The spatial information also benefits other signal processing techniques such
as source separation, beamforming, and speech enhancement, to make them more effective in reverberant
environments, where dereverberation is often used as a preprocessor [14–16].
It is known that early reflections (approximately within the first 40 ms of arrival) may help add warmth to
sound due to the colorization effect, while the late reverberation smears the speech temporal and spectral
information, thereby deteriorating the speech quality and intelligibility [13, 14]. To preserve the spatial in-
formation in binaural dereverberation, a straightforward way is to apply a same weighting factor at the two
outputs while suppressing the reverberation with the spectral subtraction-based approach [9, 11] or based on
a sigmoidal coherence-to-gain mapping [13] in the power spectral domain. In [9], a second stage coherence-
based Wiener filter was also suggested to further attenuate the residual reverberation by taking into account
the shadowing effects of the human head. However, this method requires good estimation of the spatial co-
herence and the dereverberation process corrupts the linear relationship between the source and microphone
signals.
In this paper, a widely linear (WL) filtering approach is adopted to achieve binaural dereverberation using a
microphone array in the time domain. The WL filtering framework has shown its potential to preserve the
sound spatial information in binaural noise reduction [17, 18] and stereophonic acoustic echo cancellation
[19–21]. In such a framework, the multiple real microphone signals and binaural outputs are merged into
complex signals. The complex late reverberation is then modeled by a multichannel delayed WL prediction.
The estimation of the WL prediction coefficients is achieved through a maximum likelihood method in which
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the speech signal of interest is modeled by a complex normal distribution [22, 23]. Note that the optimal
prediction filter can also be estimated in the real domain with a proper formulation where the binaural output
speech signals are modeled with the multivariable normal distribution, which is also discussed in this paper.
We also analyze the relationship between the proposed method and the popularly used weighted prediction
error (WPE) method proposed in [24], where speech dereverberation is performed using the delayed linear
prediction.

2 SIGNAL MODEL
Consider a linear microphone array consisting of 2M sensors, which is used to capture a signal of interest
in some reverberant and noisy environment. The received signal at the mth (m = 1, 2, . . . , 2M ) microphone
can then be expressed as

xm(t) = gm(t) ∗ s(t) + vm(t) (1)

=
Lg−1∑
k=0

gm,ks(t− k) + vm(t),

where ∗ denotes linear convolution, s(t) is the unknown source signal, gm(t) is the room impulse response
from the source to the mth microphone, and vm(t) is the additive noise at the mth microphone. We assume
that all the signals xm(t) and vm(t) are real, broadband, and zero mean, and gm(t), m = 1, 2, . . . , 2M share
no common zeros.
Let us first neglect the noise term vm(t) for simplicity as in [24, 25]. The reverberant speech signal xm(t)
can then be written as the sum of two components, i.e.,

xm(t) = em(t) + rm(t), (2)

where

em(t) ,
D−1∑
k=0

gm,ks(t− k), (3)

rm(t) ,
Lg−1∑
k=D

gm,ks(t− k), (4)

are, respectively, the direct sound plus early reflections and late reverberation, and D is the time duration
of the early reflections. In dereverberation, em(t) and rm(t) are often assumed to be uncorrelated with each
other [14].
Following (4), we can rewrite xm(t) as [24]

xm(t) = em(t) + gTl,ms(t−D)
= em(t) + gTl,mG+Gs(t−D)
= em(t) + aTmx(t−D), (5)

where the superscript T is the transpose operator, + denotes the Moore-Penrose pseudo-inverse,

gl,m ,
[
gm,D gm,D+1 · · · gm,Lg−1 0 · · · 0

]T
, (6)

s(t) ,
[
s(t) s(t− 1) · · · s(t− Ls + 1)

]T
, (7)

x(t) ,
[
xT1 (t) xT2 (t) · · · xT2M (t)

]T
= Gs(t), (8)

xm(t) ,
[
xm(t) xm(t− 1) · · · xm(t− L+ 1)

]T
, (9)

am = (GT )+gl,m, (10)

gl,m and s(t) are, respectively, the late impulse response and source signal, both of length Ls, xm(t), of
length L, is the vector form of xm(t), x(t) and am are, respectively, the observation signal vector and
prediction filter, both of length 2ML,

G ,
[
GT

1 GT
2 · · · GT

2M
]T
, (11)
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Gm ,


gTm 0 0 · · · 0
0 gTm 0 · · · 0
...

...
...

...
...

0 0 · · · 0 gTm

 , (12)

gm ,
[
gm,0 gm,1 · · · gm,Lg−1

]T
, (13)

gm, of length Lg , is the vector form of gm(t), and G and Gm are matrices of size 2ML× Ls and L× Ls
respectively, Ls = L + Lg − 1. Here, we assume Ls 6 2ML. Assume that gm(t), m = 1, 2, . . . , 2M share
no common zeros, then rank(G) = Ls, and G+G = ILs

, where ILs
is the identity matrix of size Ls × Ls.

From (5), one can see that the late reverberation rm(t) can be modeled by a delayed linear prediction with
the prediction filter am.

3 WIDELY LINEAR MODEL
To perform binaural dereverberation, it is necessary to produce at least two output signals from the observa-
tions at the microphone array. This can be done by using the WL filtering framework, where the multiple
real microphone signals are merged into complex signals [17, 18], i.e.,

yi(t) , xi(t) + xM+i(t) = hi(t) ∗ s(t), (14)

where  =
√
−1 is the imaginary unit, and hi(t) , gi(t) + gM+i(t) is the complex room impulse response

of the ith (i = 1, 2, . . . ,M ) complex channel. It follows immediately according to (5) that

yi(t) = di(t) + hTl,is(t−D)
= di(t) + hTl,iH+Hs(t−D)

= di(t) + h̃Hi ỹ(t−D), (15)

where the superscript H stands for the conjugate-transpose operator, di(t) , ei(t) + eM+i(t) is the complex
direct sound plus early reflections, hl,i , gl,i + gl,M+i is the complex late impulse response,

h̃i = (HH)+h∗l,i = 1
2TML(GT )+h∗l,i, (16)

ỹ(t) ,
[

y(t)
y∗(t)

]
= Hs(t) = TMLx(t), (17)

y(t) ,
[
yH1 (t) yH2 (t) · · · yHM (t)

]H
, (18)

the superscript ∗ denotes complex conjugation, yi(t) is defined analogously to xi(t),

H = TMLG, (19)

and

TML ,

[
IML IML

IML −IML

]
(20)

is the real-to-complex transformation matrix, H+H = ILs
.

Inspecting (15) and (17), one can see that both y(t−D) and y∗(t−D) are used to model the late reverber-
ation. Without loss of generality, we choose d1(t) = e1(t) + eM+1(t) as the desired signal to recover. An
estimate of d1(t) can then be obtained as

d̂1(t) = y1(t)− h̃H ỹ(t−D), (21)

where h̃ is the complex prediction filter to be estimated. From (21), one can see that the objective of binaural
dereverberation is to find an optimal filter h̃ that can best estimate d1(t) from y1(t) and ỹ(t−D).

4 DELAYED WIDELY LINEAR PREDICTION
The dereverberation filter proposed in [24] assumes that em(t) is a Gaussian process with a time-varying
variance. Since we deal with complex signals, the complex normal distribution should be exploited to model
d1(t) [22, 23]. Therefore, the probability density function (pdf) of d1(t) is

p
[
d1(t)

]
= 1
π[det Γ(t)]1/2 exp

[
−1

2dH1 (t)Γ−1(t)d1(t)
]
, (22)
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where

d1(t) =
[
d1(t) d∗1(t)

]T
, (23)

Γ(t) = σ2
d1

(t)
[

1 γd1(t)
γ∗d1

(t) 1

]
, (24)

σ2
d1

(t) , E
[
|d1(t)|2

]
is the variance of d1(t), E[·] denotes mathematical expectation, and

γd1(t) =
E
[
d2

1(t)
]

E
[
|d1(t)|2

] (25)

is the second-order circularity quotient [17, 18] of d1(t). The absolute value of γd1(t) satisfies 0 6 |γd1(t)| 6
1. If γd1(t) = 0, d1(t) is second-order circular since its pdf can be well modeled by its variance. Otherwise,
it is non-circular.
Let us check the circularity of d1(t). According to (25), we have

γd1(t) ,
E
[
e2

1(t)
]
− E

[
e2
M+1(t)

]
+ 2E

[
e1(t)eM+1(t)

]
E
[
|d1(t)|2

] . (26)

According to the signal model given in (1)–(3) and the assumption that em(t), m = 1, 2, . . . , 2M , are from
the same source s(t), we should have E

[
e1(t)eM+1(t)

]
6= 0. Therefore, with our signal model, we can state

that γd1(t) 6= 0, and d1(t) is noncircular [17, 18].

4.1 Delayed Widely Linear Prediction Method

With the pdf of d1(t), the parameters θ =
{
h̃,Γ(t)

}
can be estimated by maximizing the log likelihood

function [24]:

L(θ) =
T∑
t=1

log p
[
d1(t)

]
, (27)

where T is the time duration of the signal of interest. The solution can be derived iteratively as follows
[24].

1) Initialize

Γ̂(t) =
Lf∑

τ=−Lf

d1(t+ τ)dH1 (t+ τ) (28)

with a frame length of 2Lf + 1 and d1(t) = y1(t).

2) Repeat h̃ and Γ̂(t) until convergence

(a) Update h̃ [
h̃
h̃∗

]
=
[

R −C
−CH RT

]+ [ r− c
r∗ − c∗

]
, (29)

where

R =
T∑
t=1

ỹ(t−D)ỹH(t−D)
σ̂2
d1

(t)(1− |γd1(t)|2) , (30)

C =
T∑
t=1

γ̂∗d1
(t)ỹ(t−D)ỹT (t−D)
σ̂2
d1

(t)(1− |γd1(t)|2) , (31)

r =
T∑
t=1

ỹ(t−D)y∗1(t)
σ̂2
d1

(t)(1− |γd1(t)|2) , (32)

c =
T∑
t=1

γ̂∗d1
(t)ỹ(t−D)y1(t)

σ̂2
d1

(t)(1− |γd1(t)|2) . (33)

(b) Update (28) using
d̂1(t) = y1(t)− h̃H ỹ(t−D). (34)
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4.2 Delayed Linear Prediction Method

The previous subsection derived the prediction filter h̃ by using the WL filtering framework in the complex
domain. In this subsection, we derive an equivalent method in the real domain. Let us denote x(t) =
[x1(t) xM+1(t)]T and e(t) = [e1(t) eM+1(t)]T . Using (5), we have

x(t) = e(t) +
[

aT1
aTM+1

]
x(t−D), (35)

d1(t) =
[
1 
1 −

]
e(t). (36)

Therefore, an estimate of e(t) can then be obtained as

ê(t) = x(t)−ATx(t−D), (37)

where A = [â1 âM+1] is the estimated prediction filter.
Substituting (36) into (22), we get

p [e(t)] = 1
2π[det Λ(t)]1/2 exp

[
−1

2eT (t)Λ−1(t)e(t)
]
, (38)

where Λ(t) = E[e(t)eT (t)] is the correlation matrix of e(t). The estimation of A and Λ(t) can be achieved
in a similar way as in [15, 16] by maximizing the log likelihood function (27).

4.3 Special Case
Let us consider the particular case where γd1(t) = 0. In such a scenario, we have

p
[
d1(t)

]
= 1
πσ2

d1
(t) exp

[
−|d1(t)|2

σ2
d1

(t)

]
. (39)

Using (39), (27) can be rewritten as

L(θ) = −
T∑
t=1

[∣∣y1(t)− h̃H ỹ(t−D)
∣∣2

σ2
d1

(t) + log σ2
d1

(t)
]

+ const., (40)

and (29) becomes
h̃ = R+r. (41)

Combining (17) and (41) and substituting the result into (21), we get

d̂1(t) = y1(t)− âT1 x(t−D)− âTM+1x(t−D)
= ê1(t) + êM+1(t), (42)

where

âm =
[ T∑
t=1

x(t−D)xT (t−D)
σ̂2
em

(t)

]+ T∑
t=1

x(t−D)xm(t)
σ̂2
em

(t) , (43)

with σ2
em

(t) , E[e2
m(t)] being the variance of em(t). From (42), one can see that this output fully cor-

responds to the delayed linear prediction as in [24]. In other words, the method developed in [24] is a
particular case of the method developed in this paper.

5 SIMULATIONS
Simulations are conducted using the impulse responses measured in the Bell Labs Varechoic Chamber [26,
27]. Two microphones at (3.237, 0.500, 1.400) (in meters) and (3.437, 0.500, 1.400) are used, and the clean
speech source is placed at the positions (1.337:1.000:5.337, 1.938, 1.600) to simulate a moving source, i.e.,
the source stays at one position for 2 s and then moves to the next position. This moving source is used
to evaluate the performance of spatial information preservation of the developed dereverberation method. We
consider two sets of reverberation conditions: a light reverberation condition with the reverberation time
T60 being approximately 0.24 s and a moderate reverberation condition with T60 being approximately 0.58 s.
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Figure 1. Contours of the computed short-time CCFs in two room reverberant conditions: (a) between the
two reverberant signals with T60 = 0.24 s, (b) between the signals after dereverberation of the signals in (a),
(c) between the two reverberant signals with T60 = 0.58 s, and (d) between the signals after dereverberation
of the signals in (c).

The clean speech signals used are taken from the TIMIT database [28]. We consider dereverberation of
narrowband speech with 4 kHz bandwidth and 8 kHz sampling rate. So, all the signals are resampled from
its original sampling frequency to 8 kHz. The reverberant signals are generated by convolving the source
signal with the corresponding measured room impulse responses.
The parameters for all simulations are set as follows: D = 240 and Lf = 160. L is set to 1600 for the
light reverberation condition and 3200 for the moderate reverberation condition. The number of iterations
is limited to 1 as in [24] in all cases. Note that the pre-whitening technique was also exploited before
estimating the filter coefficients as in [14].
The cross-correlation function (CCF) is computed to visualize the spatial sound information before and after
dereverberation. The CCF is computed using a short time average every 100 ms without any overlap as
in [17], whose maximal value stands for the current source direction. Figure 1 plots the contours of the
computed CCF between the two reverberant inputs as well as that between the two dereverberant outputs in
the two studied reverberantion conditions. Comparing Fig. 1(a) and (c), one can clearly see that reverberation
deteriorates the source spatial information. But the spatial information is well recovered by the developed
method as seen in Fig. 1(b) and (d).
To further evaluate the dereverberation performance of the developed method, we compute the average cep-
stral distance (CD) over short-time frames according to [24]. Specifically, the CD (in dB) between two
signals at each short-time frame is defined as

CD = 10
ln 10

√√√√(β̂0 − β0)2 + 2
12∑
k=1

(β̂k − βk)2, (44)

where β̂k and βk are the real cepstral coefficients [29] of the speech signal under evaluation and desired
signal (direct sound plus early reverberation), respectively. We use 20 sentences from different speakers (10
male and 10 female), and compute the average CDs for the left and right output channels separately with
a frame length of 32 ms, and 75% overlap. The length of speech are all 2 s, and the room reverberation
condition is T60 = 0.58 s. With our experimental setup, the average CDs of the left- and right-channel
reverberant speech are 2.69 and 2.72, respectively, while that of the dereverberant speech are 2.43 and 2.45,
respectively.
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Figure 2. Spectrograms of the reverberant signals [(a) left channel, (b) right channel] and the dereverberated
signals [(c) left channel, (d) right channel]. The room reverberation time is T60 = 0.58 s.

To give an example, Figure 2 plots the spectrograms of the left- and right-channel reverberant and dere-
verberated speech signals. One can see from this figure that the developed method has effectively reduced
the reverberation component from the reverberant speech. Meanwhile, the speech spectrum and the spatial
information are well preserved.

6 CONCLUSIONS
This paper studied the binaural dereverberation problem using a microphone array in the time domain. By
adopting the WL framework, we merge the multiple real microphone inputs and binaural outputs into com-
plex signals. The late reverberation is then modeled using the delayed WL prediction, which takes into
account the noncircular property of the complex speech signals. The optimal prediction filter coefficients are
estimated by maximizing the log likelihood function where the complex normal distribution is used to model
the speech signal of interest. The relation of the developed method with the WPE method developed in the
literature was also discussed. Simulation results showed that this dereverberation filter can effectively reduce
the reverberation effect and meanwhile preserves the spatial information of the sound source.
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ABSTRACT
The dereverberation of a reverberant audio signal can be accomplished through the deconvolution of a room im-
pulse response (RIR) from the reverberant signal. However, the RIR is unknown in most practical situations, which
makes the dereverberation as a challenging problem. The previous dereverberation studies utilizing the deep neu-
ral network (DNN) have shown that the performance strongly depends on RIRs used for the training data, because
the network trained only by RIRs of few number of rooms cannot handle data from various room conditions. To
build a more generalized dereverberator, we incorporate directional features extracted by a spherical microphone
array recording as the input to the DNN. Since directional cues can provide useful information on the degree of
reverberation, it enables the construction of a more generalized dereverberation model. When the DNN model
is trained by directional features, all performance measures on the signal-to-noise ratio, speech intelligibility and
quality are improved as compared to the same model trained by the single channel feature. Especially, the perfor-
mance improvement for the test signals recorded in a different reverberation condition and measurement position
demonstrates that we can build a more general model with the proposed directional feature.

Keywords: Speech Dereverberation, Deep Neural Networks, Spherical Microphone Array, Acoustic Intensity

1. INTRODUCTION
In many practical situations, the quality and intelligibility of speech signals recorded by the sound system are

often deteriorated by the wall reflections, i.e., reverberations. The reverberation is one of the major causes of perfor-
mance degradation in speech recognition (1) and communication systems (2, 3), and hence, a lot of dereverberation
algorithms have been developed.

Recently, deep neural network (DNN) based dereverberation algorithms are being extensively studied (4–6) and
show outperforming performances compared to the conventional techniques. These algorithms are able to reduce
the reverberation without the prior information of room impulse responses (RIRs), through the repeated training of
short time Fourier transform (STFT) of reverberant and dry speech signals.

Previous studies have shown that the dereverberation performance is deteriorated when the reverberation char-
acteristics of the training and test data sets are different, i.e., when the rooms used for the training and test are
different. The ways to resolve this problem also have been developed (7, 8). The methods in (7, 8) use the aggre-
gation of the multiple DNN models, each of which is trained by a room of specific reverberation time. By training
multiple models using RIRs of different reverberation times and using only the best one in the test stage, they can
adapt to various RIR data different from the training dataset. Nevertheless, the aggregation strategy requires huge
amount of time and effort for training individual models. Moreover, even when the training and test data sets are
obtained from the same room, the performance drop can still occur due to the change of microphone and loud-
speaker positions. To build a more generalized DNN model, we propose the use of spatial information as input
features of the DNN. The spatial information can provide an important clue of the amount of reverberant field at
each time and frequency. For example, the spatial correlation at two distanced positions is reduced in a diffuse
sound field (9). Using this characteristic, the sound field measured by multiple microphones are used to predict the
diffuseness (9). Knowing the exact amount of reverberant sound energy at each time and frequency is crucial in
recovering the direct sound energy of each bin, which is also essential in building a general DNN model that can
adapt to various rooms with different reverberation characteristics. To measure the spatial information, microphone
arrays should be employed. Recently, various spherical microphone arrays have been developed for virtual reality
(VR) applications. Although the spherical microphone arrays can record and analyze spatial information of sound

1 jeongmin96@kaist.ac.kr
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fields using multichannel microphones mounted on a spherical surface, the training of a DNN model using such
multichannel data requires high computational effort and long training time. For this reason, we use directional
features of which dimension is much reduced compared to that of raw multichannel signals.

In detail, we consider two different types of directional features. The first one is the direction vector (DV) of
DirAC (Directional Audio Coding) (10), which has been widely used for both the recording and compression of
3D audio. The other one is the spatially-averaged intensity vector (SIV), which is an extension of the DV using
the higher order spherical harmonics. Both features include the spatial information of a sound field in form of the
mean active intensity.

To discuss advantages of the DNN model trained with directional features, we first begin with the description
of the conventional dereverberation technique based on the spectral mapping in Section 2. Then the directional
features are introduced in Section 3, and their use for the DNN training is explained in Section 4. Finally, in
Section 5, the performance of DNN models trained with and without the directional features are compared and
analyzed.

2. SPEECH DEREVERBERATION BASED ON SPECTRAL MAPPING
Most of the conventional dereverberation techniques use the single channel data recorded in a reverberant en-

vironment to reconstruct the free-field or anechoic recording without reverberation (4–6). The free-field recording
at time τ , denoted by pa(τ), can be regarded as the source signal s(τ) delayed by the propagation delay τ and
attenuation by the propagation distance r. That is,

pa(τ) =
1

r
s(τ − τ0) (1)

On the other hand, the recorded reverberant signal pr(τ) is given by the convolution (∗) of the RIR h(τ) and source
signal s(τ).

pr(τ) = h(τ) ∗ s(τ) (2)
Time-frequency distributions of these signals are given by applying the short time Fourier transform (STFT). First,
the spectrogram, i.e., the STFT of the anechoic signal pa(τ) and the reverberant signal pr(τ) can be decomposed
into the magnitude and phase dependent parts as

ST FT {pa(τ)} = Pa(t, f) exp (iΦa(t, f)) (3)
ST FT {pr(τ)} = Pr(t, f) exp (iΦr(t, f)) (4)

where t and f express indices of the time frame and frequency bin, respectively.
The dereverberation technique based on the spectral mapping tries to estimate the anechoic signal’s magnitude

spectrogram Pa(t, f) (Figure 1(a)) from the measured spectrogram Pr(t, f) with reverberation (Figure 1(d)) by
means of the neural network. The phase spectrogram is usually not reconstructed because the phase spectrum is
wrapped within the range [-π, π) and is uniformly distributed without no distinct pattern (unstructured), which
makes it difficult to be handled by the neural network (11, 12). For this reason, many spectral mapping techniques
utilize the Griffin-Lim algorithm (13) that estimates the anechoic phase Φa(t, f) from the estimated magnitude
spectrogram P̂a(t, f) and the reverberant phase Φr(t, f) (4–8).

3. PROPOSED FEATURE
In this work, we attempt to enhance the dereverberation performance by adding directional feature as the input

of the DNN. To this end, two different directional features are considered. The first candidate is the conventional
measure: the DV of DirAC (10), and the second is a SIV, which is considered in this study for better estimation of
acoustic intensity.

3.1 Direction vector (DV) of DirAC
In DirAC, the acoustic intensity can be estimated from a B-format Ambisonics signal (10). Denoting the STFTs

of W, X, Y, Z channels of a B-format signal as AW , AX , AY , AZ , the DVD can be written as

V(t, f) =
[
AX(t, f) AY (t, f) AZ(t, f)

]T (5)
D(t, f) = −Re {AW (t, f)V(t, f)∗} (6)

The X, Y, Z channels correspond to the particle velocity in the Cartesian coordinates, and the W channel (AW ) is
equivalent to the pressure field recorded by an omni-directional microphone, so Pa and Pr defined in Section 2
are the W channel signals recorded in a free-field and reverberant room, respectively. Therefore, the DV can be
regarded as the mean active intensity of given time-frequency (TF) bin. In general, averaging through the adjacent
time frames is performed in DirAC (10) but omitted in this work to reflect the local intensity fluctuation in time into
the dereverberation process. Instead of time averaging, the real part of the complex intensity vector, representing
the mean value of the propagating intensity component (mean active intensity), is considered. Using the same
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(a) Anechoic magnitude spectrum (b) Anechoic DV (c) Anechoic SIV

(d) Reverberant magnitude spectrum (e) Reverberant DV (f) Reverberant SIV

Figure 1. Visualization of spectrograms and directional features (DV and SIV).
(Vector lengths of directional features are scaled in a logarithmic scale)

notation, we can denote the DV recorded in a reverberant room asDr.
To incorporate DV to a DNN structure, we first concatenate the DVDr with the spectrogram Pr in the channel

direction. Then the concatenated vector
Pr(t, f) =

[
Dr(t, f)

T Pr(t, f)
]T

=
[
Dr,1(t, f) Dr,2(t, f) Dr,3(t, f) Pr(t, f)

]T (7)
becomes the new input feature: directional spectrogram. Using this directional spectrogram, the spectral mapping
from Pr(t, f) to Pa(t, f) is trained by the DNN.

Since we add three more channels, the directional spectrogram can be regarded as a colored image consist-
ing of three color channels and one extra channel. For example, if we use the HSV color space to represent
the DV, the length of the DV can be mapped to the Value, and the vector’s elevation and azimuth angles in the
spherical coordinates are mapped to the Saturation and Hue, respectively (Figure 2). The change in the color
pattern of the spectrogram image provide important clues to separate the reverberation from the direct sound.

Figure 2. The mapping between the
vectors (the DVs and the SIVs) and

the colors for each TF bin in
Figures 1(b), 1(c), 1(e) and 1(f).

The magnitude spectrogram and the DVs visualized by this color mapping
are shown in Figures 1(a) and 1(b), respectively. In this example, the sound
from a single direction in an anechoic condition is depicted, so the DV of
Figure 1(b) has a single color and only varies in Value.

When the same sound signal is recorded in the reverberant field, re-
flections from various directions distort the original spectrogram as well
as the DV. This can be seen in Figures 1(d) and 1(e). Without the prior
knowledge on the reflections, it is hard to predict the original spectrogram
(Figure 1(a)) from the reverberant one (Figure 1(d)). In the case of the DV
(Figure 1(e)), however, the reflections from different directions are ex-
pressed as a colored noise in the spectrogram, which will be beneficial in
reconstructing the original spectrogram or DV. Consequently, the derever-
beration is equivalent to reconstruction of the original spectrogram image
through the denoising of the colored noise. In this regard, we trained DNN
with intensity-related input features and compared the dereverberation per-
formances.
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3.2 Spatially-averaged intensity vector (SIV)
We propose to use an intensity-like feature called SIV. Since the DV of Equation (6) only represents the intensity

vector at a single position, we need a new measure that can express the global intensity evaluated over a wide
surface. The SIV is defined as the mean active intensity vector averaged over a spherical surface of the microphone
array. That is,

Ī(t, f) ≜
∫ 2π

0

∫ π

0

I (t, f, r) sin θdθdϕ =

∫ 2π

0

∫ π

0

1

2
Re {p(t, f, r)v(t, f, r)∗} sin θdθdϕ, (8)

where I (t, f, r) denotes the mean active intensity at the time frame t, frequency bin f and microphone position
r = [ r θ ϕ ]T . The pressure and velocity fields at the same spatio-temporal location are denoted by p(t, f, r)
and v(t, f, r), respectively.

The SIV can be directly calculated from the spherical harmonic domain (SHD) signal. In detail, the pressure
signal pnm(t, f) in SHD can be obtained by taking the spherical Fourier transform of pressure signals p(t, f, r)
measured from themicrophone array (14). Then, the particle velocity signalsvnm(t, f) in SHD can be derived from
pnm(t, f) by using the recurrence relations of spherical harmonics (15). According to the Parseval’s relation of the
spherical harmonics (14), the angular average of multiplied signals in space domain is equal to the multiplication
and sum of two SHD signals. That is,∫ 2π

0

∫ π

0

p(t, f, r)v(t, f, r)∗ sin θdθdϕ =

∞∑
n=0

n∑
m=−n

pnm(t, f)vnm(t, f)∗. (9)

Therefore, we can calculate the spatially-averaged active intensity from the SHD signals.

Ī(t, f) =
1

2
Re

{ ∞∑
n=0

n∑
m=−n

pnm(t, f)vnm(t, f)∗

}
. (10)

We concatenate the x,y and z components of the SIV Īr measured in a reverberant room in the channel direction.
The concatenated vector

Pr(t, f) =
[
Īr(t, f)

T Pr(t, f)
]T

=
[
Īr,1(t, f) Īr,2(t, f) Īr,3(t, f) Pr(t, f)

]T (11)
becomes an input feature of the DNN.

The SIV can also be depicted as a color image. An example measured in an anechoic condition is shown in
Figure 1(c), and that measured in a reverberant environment is shown in Figure 1(f). The DVs in Figures 1(b)
and 1(e) and the SIV in Figures 1(c) and 1(f) show similar trends.

4. DEEP NEURAL NETWORK
To utilize the proposed input features for DNN, the features should be scaled and normalized first. Then a

DNN structure that suits to the input features should be designed. In case of the multi-layer perceptron (MLP), the
number of context frames should be determined in advance due to the structural limitation of the fully-connected
layer. Accordingly, the amount of information that can be fed into the DNN at once is also limited by the number
of context frames, and this limitation affects the estimation performance (4). However, we treat the spectrogram
as a single image, so the convolutional layer can be adopted. The deconvolution problem can be recasted as the
image-to-image transform problem, so the fully convolutional network (FCN) can be used for this problem (6). The
FCN does not utilize any fully-connected layer, and hence, input and output data of various sizes can be handled.
Therefore, information of reverberation can be collected over long and wide TF bins. The directional features are
arranged as different color channels, so the network structures for the image signal processing can also be trained
with the directional spectrogram input.

4.1 Log-magnitude scaling and normalization
The directional feature is a vector quantity consisting of direction and length. For efficient training of DNN,

the vector’s length is scaled in a logarithmic scale as

g(x) = log10

(
x+ ϵ

ϵ

)
(12)

D̃r,i(t, f) = g (∥Dr(t, f)∥)
Dr,i(t, f)

∥Dr(t, f)∥
, (i ∈ {1, 2, 3}) (13)

where ϵ is a regularization constant for avoiding the singularity near x ∼ 0. Through the log-magnitude conversion,
the vector’s direction remain unchanged. The same log-magnitude conversion using the function g(x) is applied to
the spectrogram Pa(t, f) and Pr(t, f). P̃a(t, f) and P̃r(t, f) denote the log-scaled version of Pa(t, f) and Pr(t, f).

Next, each channel data are normalized by the mean and standard deviation of the corresponding channel over
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the total time duration. In this work, the mean and standard deviation of the normalized data are set to 0 and
0.5, respectively. Denoting the normalization operator as Norm(·), we can rewrite the normalized directional
spectrogram and anechoic spectrogram as

P′
r(t, f) =

[
D′

r,1(t, f) D′
r,2(t, f) D′

r,3(t, f) P ′
r(t, f)

]T
where

D′
r,i(t, f) = Norm

(
D̃r,i(t, f)

)
, (i ∈ {1, 2, 3})

P ′
r(t, f) = Norm

(
P̃r(t, f)

) (14)

P ′
a(t, f) = Norm

(
P̃a(t, f)

)
. (15)

For the directional spectrogram with the SIV, the same log-magnitude conversion and normalization are applied.

4.2 Architecture
As a DNN architecture, we employ one of fully-convolutional networks called the FusionNet structure (16)

as shown in Figure 3. Basically, the FCN is comprised of the encoder path that sequentially shrinks down the
image size using the max pooling layer and generates a bottleneck feature, and the decoder path that increases the
image size using the transposed convolutional layer. The conventional U-Net utilizes skip-connections between
the encoder and decoder layers to preserve the image details lost by the encoder structure (17), but the FusionNet
utilizes residual connections instead, and includes residual blocks in each layer to efficiently resolve the gradient
vanishing problem (16). In the designed structure, input features are first processed by the pre-processing block,
which plays a role of rearranging input features. Then the output of the processed by the encoder and decoder
blocks that extract essential features and reconstruct the anechoic spectrogram, respectively.

Figure 3. The DNN structure based on FusionNet (16). Tr is the number of time frames in the input P′
r.

The mean squared error (MSE), which has been widely used in the conventional dereverberation studies (4–8),
is used as a loss function. The MSE loss function is defined as

LMSE

(
P ′
a, P̂

′
a

)
=

1

Ta

Ta−1∑
t=0

F−1∑
f=0

∣∣∣P ′
a(t, f)− P̂ ′

a(t, f)
∣∣∣2 , (16)

where P̂ ′
a is the output of the DNN, Ta is the total number of time frames in the spectrogram P ′

a, and F is the
number of frequency bins.

5. EXPERIMENTS AND RESULTS
To verify the effectiveness of directional feature, three different DNN models were compared. The RIRs be-

tween various loudspeaker positions and spherical microphone array locations were simulated in two virtual rooms
of different reverberation conditions. Then DNN models were trained by the speech corpus convolved by these
simulated RIRs.
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5.1 Experimental settings
The spherical microphone array used in the simulation has a rigid surface of radius 4.2 cm and 32 microphones

arranged at the same position as those of the Eigenmike (18), which enables the decomposition of spherical har-
monics up to the third order (N=3).

The specifications of two virtual rooms used to synthesize RIRs are as follows; T60 of the Room 1 is 0.31
s, and its dimension is [10.52 m, 7.1 m, 3.02 m]. The Room 2 has longer T60 of 0.66 s and dimension of [6
m, 6 m, 6 m]. The RIRs were simulated by the spherical microphone array impulse response (SMIR) generator
(19). To obtain many RIRs required for training DNN, positions of the microphone array and sound source were
randomly generated from a uniform random distribution. Exceptional cases are when the source and microphone
array were not separated by more than 50 cm from each other or from the walls constituting the room. In such
cases, position samples were discarded and repopulated from the uniform distribution. For each room, 20 positions
of the microphone array - source pair were used to simulate the seen RIR dataset, and another 20 positions are used
to build the unseen RIR dataset.

To calculate the DV from the spherical microphone recording, the real SHD signals of the zeroth and the first
order were calculated after compensating the mode strength bn(kr) of the rigid sphere (20). To avoid excessive
amplification during the compensation, the regularized compensation of the following form was used:

bn(kr)
−1 =

1 +
√
λ

|bn(kr)|+
√
λ
exp (−i∠bn(kr)) , (17)

where λ = (1−
√

1− 1/G2)/(1 +
√
1− 1/G2) and G = 10/32.

The directional spectrogram with the SIV (Equation (11)) was calculated from complex SHD signals. However,
the modal strength compensation was omitted in here, because the definition of SIV includes the modal strength.
The magnitudes of the input and desired output of the DNN are normalized by the mean and variance at each
frequency, so the modal strength compensation itself does not influence the performance of DNN. In the final
speech reconstruction stage, the phase spectrogram is reconstructed by applying the Griffin-Lim algorithm (13) to
the output magnitude spectrogram of DNN. Before the phase reconstruction, however, the mode strength of the
output magnitude spectrogram is compensated such that the output signal of the DNN trained by the SIV can be
compared to that trained by the DV.

TIMIT corpus of 16 kHz sampling rate (21) was used as source signals. The dataset obtained by convolving
the training data of TIMIT and seen RIR are denoted as total training dataset. Among the total training dataset,
randomly selected 7000 samples were used as a training set, and 3000 samples were utilized as a validation set.
Likewise, 2500 random samples chosen out of the test data of TIMIT convolved by seen RIRs were used for a seen
test set. The other 2500 samples sampled from the convolution of the TIMIT test data and unseen RIRs were used
as unseen test set.

For the STFT, the Hann window of 32 ms length and 512-points FFT were used. The hop size was the half
of the window size, and 257 frequency bins were calculated (F=257). The parameter used for the log-magnitude
conversion function g(x) was ϵ = 10−10. The number of iterations for the Griffin-Lim algorithm (13) was 20.

The training of DNN were carried out for three different input features. Depending on the room and input
features used for the training, the models were named as follows:

• Room No.-NoDF: trained without directional features
• Room No.-DV: trained with DV of DirAC
• Room No.-SIV: trained with SIV

The trained models were tested by the seen and unseen test set of the same room. This is for investigating the
performance differences against the seen and unseen data of the same reverberant conditions. Next, the model is
tested by the unseen test data of the different room as well.

5.2 Results
To evaluate the dereverberation performance, perceptual evaluation of speech quality (PESQ) (22), and short-

time objective intelligibility (STOI) (23), frequency-weighted segmental signal-to-noise ratio (fwSegSNR) (24)
were calculated. PESQ is a measure of speech quality and varies within the range [-0.5, 4.5]. STOI has a range of
[0, 1] and higher number indicates better intelligibility.

The DNN architecture trained by three input features generated in the Room 1 (Room1-NoDF, Room1-DV,
Room1-SIV) were evaluated by these performance measures, and the results are depicted in Figures 4(a) to 4(c).
The abscissa of each graph indicates the test dataset used for the performance evaluation. The same measures for
the case of Room2-NoDF, Room2-DV, and Room2-SIV are presented in Figures 5(a) to 5(c).

First, we compare the cases with and without the directional features. In the Room 1 (Room1-NoDF VS.
Room1-SIV) and Room 2 (Room2-NoDF VS. Room2-SIV), all the measures are enhanced when the model is
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trained by the SIV. In addition, all models show worse performance with the unseen test data than with the seen
test data, but the degree of performance reduction is much less in the models trained by the SIV. The cause of this
improvement by the use of directional feature can be suspected from the fact that both the early reflections and the
degree of reverberation can be inferred from the directional feature.

(a) (b) (c)

Figure 4. The average PESQ (a), STOI (b), and fwSegSNR (c) of the output of the three models trained by room 1
training set (“Room1-NoDF”, “Room1-DV”, and “Room1-SIV”) and their reverberant input speech (“Unproc.”).

(a) (b) (c)

Figure 5. The average PESQ (a), STOI (b), and fwSegSNR (c) of the output of the three models trained by room 2
training set (“Room2-NoDF”, “Room2-DV”, and “Room2-SIV”) and their reverberant input speech (“Unproc.”).

When the DV is used instead of the SIV, however, the performance gain is somewhat inconsistent. In detail,
the Room1-DV model shows similar performance to the Room1-SIV when tested by the Room 1 seen dataset, but
its performance is rapidly decreased when tested by the unseen dataset. Especially, the performance of Room1-DV
model tested by the unseen data of Room2 is even lower than that of the model without directional features (Room1-
NoDF). The similar trend can be observed with the model trained by the Room 2 dataset (Figure 5). However,
unlike the Room 1 cases, the model trained by the DV (Room2-DV) does not show the dramatic performance
degradation for the room 1 test dataset. In short, the Room1-DV model has a weakness in processing the data
that have longer reverberation than the training dataset. More detailed analysis is necessary, but it is evident that
DV models calculating particle velocity using only low order of spherical harmonic coefficients cannot properly
estimate the amount of reverberation when trained by the short reverberation dataset.

6. CONCLUSIONS
To build a general DNN model that can reduce reverberation of speeches recorded in various room conditions,

we proposed to use two directional features, the DV and SIV, as the input feature of DNN. The directional features
of three independent components can be treated as independent color channels of a spectrogram image. In this
regard, the FusionNet architecture with multiple encoder and decoder blocks were trained by the proposed color
spectrogram images. The models trained by datasets from different directional features and rooms were tested
using the seen and unseen microphone positions and rooms. Results showed that the model trained by the SIV can
handle general datasets including the one recorded in the room of different reverberation time. The model trained
by the DV also showed better performance than the model trained by the pressure signal only, but it was inferior
when the reverberation time of the test data is longer than that of the training dataset.
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Abstract
Measuring the sound pressure field over medium and large volumes, such as rooms, can be cumbersome. Con-
ventional sensing methods acquire the sound pressure (or other field quantity) at a single point. Therefore, to
acquire the three-dimensional sound filed in a room, a large number of measurement points must be distributed
throughout. In this study, we propose a method to capture the sound field in a volume based on the acousto-
optic effect. The acoustic pressure field is captured along beams of laser light. As the light (the sensing element
of this method) travels through the sound field, it captures information of the sound pressure along its travel
path. In this study, the spatial reconstruction of the sound field in a room from acousto-optic measurements is
presented and compared with conventional point-wise measurements. The results show a first approach to the
spatial characterisation of the sound field in a room using the acousto-optic sensing principle.
Keywords: Acousto-optic, microphone arrays, sensing methods, signal processing

1 INTRODUCTION
Capturing the spatio-temporal properties of the sound field enclosed in a room is crucial in many applications;
from architectural and room acoustic design (1, 2), to 3D audio recording and reproduction (3, 4). Pressure
measurements at a discrete set of positions (either using microphone arrays (5) or sequential measurements (6))
have conventionally been used to sample sound fields over space. However, sampling large three-dimensional
domains, such as rooms, using point-wise pressure measurements is impractical. Firstly, a large number of
measurements (that increases with frequency and room size) is required. Secondly, the measurements have to
be distributed across large regions of the room that are often inaccessible. Alternative sensing methods, better
suited for sampling the sound field over large volumes, are lacking.

In this study, acousto-optic tomography is examined as an alternative (or complementary) sensing method to
conventional pressure measurements. The acousto-optic effect describes the interaction between sound and light.
Pressure fluctuations in a medium caused by a sound field produce changes on the medium local density. Such
density changes, in turn, change the speed of light, i.e. light travel faster or slower depending on the medium
density. The small changes of the speed of light can be captured along beams of laser light using a laser
Doppler vibrometer (LDV). In other words, laser light can be used to measure acoustic pressure fluctuations.
LDVs can capture the projected sound field along laser beams, and if enough projections are measured, tomo-
graphic images of the sound field can be obtained.

Acousto-optic tomography has been applied to the visualisation of sound fields, both in ultrasonics (7–13), and
more recently in the audible frequency range (14–30). The use of acousto-optic tomography has been limited to
laboratory conditions partly due to the reconstruction methods (inherited from classic computerised tomography
(31)) that are usually employed. For example, the commonly used filtered back-projection algorithm requires
measuring projections of the sound field from every direction along a set of parallel beams. As a result, sens-
ing methods based on the acousto-optic effect have not yet been employed to characterise large, complex sound
fields such as those that are found inside rooms.
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In this study an acousto-optic tomography method, suitable for capturing complex sound fields, is introduced.
The proposed method formulates the problem as an algebraic reconstruction, therefore it does not require a
specific configuration of the measurements.
In a previous study (32) the authors examined the proposed tomographic reconstruction method from numerical
data. In this paper, we present a first experimental study that explores the acousto-optic effect as a sensing
principle for capturing the sound field in a real room.

2 THEORY
2.1 Acousto-optic effect
Let us consider a pressure field p(r) enclosed in the domain Ω (such as r ∈Ω | Ω⊂ R3). We assume that the
domain boundary ∂Ω is an impenetrable surface (not porous), and that points on the boundary r∂Ω vibrate with
velocity u. The vibration velocity of surfaces can be measured by a LDV: a laser beam is sent through Ω, back
scattered at r∂Ω, and collected again. The phase of the beam is determined by its optical path (15)

φ = k`
∫ L

0
n(r; l)dl, (1)

where n (defined as the ratio between the speed of light in vacuum and in the medium) is the refractive
index within Ω , l is an integration variable along the beam path, L is the length of the path, and k` is the
wavenumber of the laser light. Laser Doppler vibrometers determine the velocity of a surface by measuring
the phase shifts induced by changes in the optical path. Therefore, the velocity v measured by a LDV is
proportional to the rate of change of φ

v = jωφ
1

k`n0
. (2)

Generally, it is assumed a constant n across the measurement domain, n(r) = n0 ∀ r ∈ Ω. In this case, Eq. 2
reduces to changes in the length of the path L, i.e. the velocity of the surface in the direction of the laser beam
v = uΨ(r∂Ω). However, acoustic pressure fluctuations in a medium induce changes on n as

n = n0 +
n0−1
γ p0

p, (3)

where n0 is the refractive index of the unperturbed medium, p0 is the static atmospheric pressure, and γ is the
heat capacity ratio. Equation 3 describes the relation between the refractive index and the acoustic pressure –
i.e. the acousto-optic effect. The expression in Eq. 3 is obtained by combining the Gladstone-Dale relation
n = ρK + 1 (33) (where K is a constant characteristic of the medium), and the assumption that the pressure
fluctuations p are an adiabatic process

p
p0

= γ
ρ−ρ0

ρ0
, (4)

where ρ0 and ρ are the densities of the static and perturbed medium. Equation 4 relies on a first order approx-
imation, as generally made in linear acoustics.
The actual measurement of a LDV is obtained combining Eqs. 1, 2 and 3

v = jωL+ jω
n0−1
γ p0n0

∫ L

0
p(r; l)dl. (5)
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Figure 1. a: laser beam of length 1 m on the x-axis and a single plane wave with direction defined by θ . b:
magnitude of the acousto-optic term along the 1 m laser beam for unit amplitude plane waves propagating in
directions θ = 0 : π and frequencies 10Hz to 10kHz.

Equation 5 shows that LDV measurements are the combination of the surface vibration velocity uΨ = jωL, and
the acousto-optic effect jω n0−1

γ p0n0

∫ L
0 p(r; l)dl. We can identify three cases. If uΨ is much larger than the acousto-

optic effect term, the LDV only measures the velocity of the surface at which the laser is directed (which is
the original purpose of LDVs). If the surface is rigid, the acousto-optic effect term dominates, and we obtain
measurements of the sound field projected along the beam path. In case that the two terms are of the same
order, the LDV measures a combination of the two phenomena.
The magnitude of the acousto-optic effect term for simple sound fields is examined in Fig. 1. Figure 1(a)
represents a laser beam of length 1 m placed in the x-axis. The sound field is a single unit-amplitude plane
wave propagating in the direction defined by θ . Figure 1(b) shows the magnitude of the acousto-optic effect
that would be measured for plane waves propagating in different directions (θ from 0 to π) and frequencies
(from 10 Hz to 10 kHz). For θ = 0, the acousto-optic term is zero for frequencies with wavelengths that are
an integer of the laser beam length. At other directions, this zero term is shifted to higher frequencies. For
θ = π/2, the integral in Eq. 5 is done over a constant. At frequencies below 100 Hz the wavelength is much
larger than the length of the laser beam, thus the measurement magnitude is constant regardless of the direction
of propagation. The loss of sensitivity at low frequencies constitutes an inherent limitation of the acousto-optic
sensing method: sampling at low frequencies require the use of longer beams. Between 100 Hz and 1 kHz, the
magnitude of the acousto-optic effect generated by unitary amplitude plane waves is of the order of ≈ 60 dB
with reference to 1 nm/s.

3 METHOD
3.1 Tomographic reconstruction of sound fields
The reconstruction method proposed in this paper is based on the plane wave expansion of the pressure field

p(r)≈
N

∑
n=1

Xne− jkwn·r, (6)

where wn indicates the direction of propagation of the nth plane wave, and the complex coefficient Xn contains
its amplitude and phase. Only propagating waves are considered, i.e. k = 2π f/c, where f is the frequency of
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the sound field and c is the speed of sound. Neither sound sources nor absorption within Ω are considered.
An expression that links the plane wave complex coefficients Xn to LDV measurements is obtained combining
Eqs. 5 and 6

v =
N

∑
n=1

Xn jω
n0−1
γ p0n0

∫ L

0
e− jkwn·rdl. (7)

Equation 7 assumes that the surface at which the LDV is directed is rigid, so the measurement v is mainly due
to the acousto-optic term (uΨ� jω n0−1

γ p0n0

∫ L
0 p(r; l)dl). The validity of this assumption will be tested section 4.

Measuring with M beams with various paths lm leads to a system of equations that can be written algebraically
as

v = Hx, (8)

where v ∈ CM are the LDV measurements, x ∈ CN are the plane wave complex coefficient, and H ∈ CM×N is
a matrix with elements Hmn = jω n0−1

γ p0n0

∫ Lm
0 e− jkwn·rdlm. Estimating the coefficients x from the measurements v

poses an inverse problem that can be solved via common regularised inversion (34). The pressure field can
then be estimated at any point rs within Ω by multiplying the estimated coefficients x̃ with the corresponding
propagation terms e jkwn·rs . In contrast to classic reconstruction methods (such as filter back projection) used in
previous studies (20, 23, 28), the method proposed in this paper does not require a specific regular sampling
scheme.

4 EXPERIMENTAL STUDY AND RESULTS
An experimental study was conducted in a room to examine the suitability of using the acousto-optic sensing
principle in a real scenario. Vibrometer measurements over one plane were acquired using a compact LDV
placed on a tripod (see Fig. 2a). The LDV was sequentially moved to 8 positions inside the room, and the
laser beams were directed to two of the room walls, covering the plane of height 1.25 m (the beam paths are
shown in Fig. 4b). An accelerometer was used to monitor the vibration of the walls at the sampled positions
(Fig. 2b), making it possible to asses the assumption of rigid boundaries. The vibration of the LDV head was as
well monitored with an accelerometer. Rubber pads were placed under the tripod feet to minimise the vibrations
of the LDV head. In order to assess the quality of the reconstruction, extensive pressure measurements were
performed in the room. A robotic arm (shown in Fig. 2c) was used to move a microphone and sequentially
measure the room frequency response on S = 1734 positions, covering one plane (1.6×2.4 m, height 1.5 m) in
the room. This plane constitutes the reference sound field.

The room, with bare concrete wall, has dimensions 3.29×4.38×2.97 m and an approximate reverberation time
of 2.5 s. The excitation was a logarithmic sine sweep played through a loudspeaker at one of the corners. The
overall sound pressure level was ≈ 95 dB.

Figure 3 shows the velocity measured by the LDV, by the accelerometer placed on the wall, and by the ac-
celerometer placed on the LDV head. At low frequencies (below 300 Hz), the LDV mainly captures the vi-
bration of the wall. Above 300 Hz, the velocity measured by the LDV and the wall vibration start to deviate.
At frequencies higher than 500 Hz, the LDV measures a velocity at least 10 dB larger than the accelerometer.
This discrepancy cannot be explained by vibrations of the LDV head, although the head does resonate at cer-
tain frequencies. The results in Fig. 3 and Fig. 1 are not directly comparable since the amplitude of the sound
fields and the length of the beams are different. However, a qualitative assessment of Fig. 1 suggests that the
acousto-optic effect term becomes significant above approx. 300 Hz. This result indicates that the discrepancy
observed in Fig. 3 above 300 Hz can be due to the acousto-optic effect.
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Figure 2. Experimental setup. a: LDV mounted on the tripod. b: accelerometer used to monitor the wall
vibration. c: robotic arm used for the extensive pressure measurements that serve as reference.

Figure 3. Blue: Velocity measured by the LDV. Red: velocity measured by the accelerometer placed on the
wall (same position at which the laser is pointing). Yellow: velocity measured by the accelerometer placed on
the laser head.

The sound field is reconstructed following the method presented in section 3. In this first experimental study,
the reconstruction was performed using the M = 8 LDV measurements, from which the velocity of the walls
(measured by one of the accelerometers) was subtracted. The subtraction is done to be able to reconstruct the
sound field at low frequencies (where the wall vibration dominates). Reconstructions at frequencies above 300
Hz (where the acousto-optic term is larger that the wall vibration) would require a larger number of measure-
ments.
Figures 4a and b show the magnitude of the reference measured and reconstructed sound fields across the
reference plane at 55 Hz. The general features of the sound field (corresponding to an axial mode in the x-
direction) are correctly recovered. The way beams were distributed favours the reconstruction of the 55 Hz
axial mode: projections both perpendicular and parallel to the waves that compose the mode are measured. The
lower half of the reference plane was practically unsampled (see Fig. 4b), which might explain the inaccurate
reconstruction in that area.
Figure 4c shows the modal assurance criterion (MAC) (35) across frequency. The MAC, defined as MAC =∣∣pHp̃

∣∣2 /(pHp)(p̃Hp̃), is a measure of the spatial correspondence between the reference field p and the recon-
structed field p̃. The MAC takes values between one (when reference and reconstruction are consistent) and
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Figure 4. a: normalised pressure level of the measured reference sound field at 55 Hz. b: reconstructed sound
filed from LDV measurements. Red dots: positions of the LDV. Dashed lines: laser beam paths. c: Modal
Assurance Criterion indicating the degree of similarity between reference and reconstructed sound fields across
frequencies.

zero. Figure 4c shows a good agreement at low frequencies, although above 60 Hz the reconstruction degrades.
At higher frequencies the sound field becomes more complex. The number of waves increases, and they propa-
gate with different directions. The simple scheme used (with just 8 beams along the x and y directions) cannot
properly sample this complex sound field. Therefore, additional beams measuring projections from other direc-
tions would be required at higher frequencies.

This first experimental study indicates that it is possible to recover a simple mode in a room from measurements
of the acousto-optic effect. However, we have identified technological limitations (the vibration of the LDV
system) and case-specific limitations (the vibration of the room walls). In this study, the vibrations have been
monitored using accelerometers, making it possible to obtain ideal acousto-optic effect measurements non-biased
by wall vibrations. Other compensation methods to separate the acousto-optic effect from unwanted vibrations
will be investigated in the future. Another possibility is the use of the measured wall velocity as additional
information to solve the reconstruction problem (instead of regarding it as unwanted noise), for which the
coupling between the wall vibration and the sound field inside the room has to be studied.
It is important to differentiate technological and case-specific constrains (which can eventually be overcome)
from the loss of sensitivity at low frequencies. The loss of sensitivity is a fundamental limitation inherent
to the sensing principle, and it cannot be compensated for. Finally, the authors will study alternative sensing
principles for sampling sound fields over large volumes.

5 CONCLUSION
In this study we have proposed a method to capture the sound field over large volumes from projection mea-
surements of the acousto-optic effect. The method is based on the algebraic formulation of the reconstruction
problem, which makes it possible the use of arbitrary measurement arrangements.
The experimental study has shown that the acousto-optic effect inside a room is detectable by means of vibrom-
etry measurements. One axial mode of the room has been recovered by means of 8 acousto-optic measurements.
At the same time, we have identified the limitations to the applicability of the acousto-optic sensing principle.
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A high order rigid spherical microphone array design using MEMS
microphones

Marco Berzborn, and Michael Vorländer
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Abstract
In recent years spherical microphone arrays have gained much prominence in the field of room acoustics. They
provide a powerful framework for the analysis of the directional properties of sound fields in rooms. However,
their angular resolution is limited by the number of microphones in the array, resulting in a poor performance for
low order arrays when used in highly reverberant sound fields found in reverberation rooms. However, higher
order microphone arrays require a large quantity of microphones potentially rendering the design economically
unfeasible.
We present a high order spherical microphone array design using consumer grade MEMS microphones com-
bined with an equalization kernel implemented on an FPGA. A performance analysis of the prototype regarding
the usable frequency range and the achievable angular resolution with special regard to the analysis of sound
fields in reverberation rooms is given.
Keywords: Spherical arrays, microphones
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ABSTRACT 
To localize early reflections in a reverberant room, the direction-of-arrival (DOA) estimation technique has 
been evolved in various ways. Among many techniques, the subspace-based localization techniques such as 
eigenbeam estimation of signal parameters via rotational invariance techniques (EB-ESPRIT) have been 
extensively researched for their ability to directly estimate DOA parameters from spherical microphone 
recordings. The EB-ESPRIT estimates DOAs by computing the directional parameters from a single 
recurrence relation of spherical harmonics. For estimating DOAs of early reflections, however, the 
EB-ESPRIT is inappropriate due to the insufficient number of detectable echoes and its vulnerability to noise. 
In this study, we attempt to overcome these issues by using semi real-valued processing of spherical 
harmonics and extra constraints. The proposed technique can compute directional parameters more robustly 
by deriving the real-valued forms of EB-ESPRIT equations and by imposing additional Laplacian constraint. 
We show that the real-valued formula solved by the joint eigenvalue decomposition (JEVD) algorithm can 
enhance the accuracy of DOA estimation as compared to all existing EB-ESPRIT based techniques. In 
simulations, we validate the robustness of the proposed technique in terms of the estimation error under 
different signal-to-noise ratios (SNRs). 
 
Keywords: Three Recurrence relations, Spherical microphone array, Early reflections 

1. INTRODUCTION 
There have been many studies to estimate the directions-of-arrival (DOAs) or localize the early 

reflections of a room using a spherical microphone array (SMA), which is applicable to the room 
geometry inference (1), robust adaptive beamforming (2), de-reverberation (3), and sound field 
reproduction with compensation of the reverberant components (4). Mabande et al. proposed the 
room geometry inference method using the eigenbeam beamforming techniques with time 
differences of arrival (TDOAs) estimated by the cross-correlation analysis (1, 5). Morgenstern et al. 
proposed to estimate DOAs of reflections using the de-correlation technique with a loudspeaker 
array and a microphone array (6, 7). Tervo et al. introduced the maximum-likelihood (ML) method 
based on the stochastic model to estimate the coherent early reflections (8). 

These studies have limitations that the exhaustive grid-search of peaks should be accompanied 
from the computed beamforming map. In contrast, the eigenbeam estimation of signal parameters via 
rotational invariant techniques (EB-ESPRIT) has the advantage that it directly estimates DOAs in a 
parametric way (9). However, the limited number of detectable sound sources and the possibility of 
matrix ill-conditioning problems due to reflections impinging from the equator direction hinder the 
use of EB-ESPRIT in highly reverberant conditions (10, 11). For these reasons, many alternative 
types of EB-ESPRIT techniques have been proposed to increase the number of detectable sources by 
using the different recurrence relations or to resolve the matrix ill-conditioning problem (12-15). 

In this work, we introduce the novel EB-ESPRIT technique that combines three recurrence 
relations and the semi real-valued processing. The semi real-valued processing is known to improve 
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the estimation performance albeit with the reduced computational complexity (16-19). In addition, 
we estimate the directional parameter matrices by using iterative joint eigenvalue decomposition 
(JEVD) method (20-22) with the additional constraint based on the Helmholtz equation. By using the 
additional constraint, the diagonalization of JVED is restricted by a physical constraint, which 
reduces the effect of the noises. The estimation performance of the proposed method is validated by 
the simulated spherical microphone array data installed in a box-shaped room under various noise 
conditions. 

2. SPHERICAL HARMONIC DOMAIN MODEL 

2.1 Complex-valued data model 
The 2D fields ( )f W  defined on a unit sphere ( 2S ) can be converted into the spherical harmonic 

domain (SHD) through the spherical Fourier transform (SFT) as (23) 

 
2

*: ( ) ( )m
nm nf f Y d= W W Wò

S

,  (1) 

where {( , ) | [0, ], [0, 2 ]}q f q p f pWÎ Î Î  denotes 2D angles in the spherical coordinates and *( )×  
denotes the complex conjugate. Spherical harmonics is defined as s( ) (co )m im

nm n
m

nY e fqW = N P , 
where 1/2{(2 1)( )!/ 4 ( )!}nm n n m n mp= + - +N  and ( )m

n ×P  is the associated Legendre function. For a unit 
amplitude plane-wave with DOA PWW , the SHD signal is transformed from the spherical microphone 
array (SMA) recording data as 
 *

, ( ) ( )m
PW nm n n PWf b kr Y= W ,  (2) 

where k  denotes the wavenumber, r  is the radius of the spherical microphone array and ( )nb kr  is a 
mode-strength that depends on the radius and the boundary condition of the array surface. To get rid of 
this dependency, the SHD signal is divided by the ( )nb kr  of the respective orders ( 1, ,n N= L ). After 
compensation, the mode-compensated SHD (MC-SHD) signal of a unit amplitude plane-wave can be 
written as *

, ( )m
PW nm n PWa Y= W  (24).  

For D  plane waves, the MC-SHD signal up to the truncated harmonics order N  can be written as 
the vector form: 
 H=a Y s ,  (3) 
where 0,0 1, 1 1,0 1,1 ,[ , , , , , ]T

N Na a a a a-=a L , 1[ , , , , ]T
d Ds s s=s L L , ds  is the complex amplitude of d -th 

source, and HY  is the steering matrix in SHD whose d -th column is given by 
0 1 0 1

0 1 1 1( ) [ ( ), ( ), ( ), ( ), , ( )]N H
d d d d d N dY Y Y Y Y-W = W W W W Wy L . ( )T×  and ( )H×  denote the transpose and 

conjugate transpose, respectively. We assume that all MC-SHD signals are made by the short-time 
Fourier transform (STFT), SFT, and mode-compensation in order. To simplify the notations, time 
frame and frequency indices of MC-SHD signals are omitted. For EB-ESPRIT type algorithms, the 
covariance matrix should be constructed for extracting the signal subspaces as follows, 
 { } { }H H H H

c s s sE E= = =R aa Y ss Y U Σ U ,  (4) 
where sU  and sΣ  are the signal subspace and the corresponding eigenvalue matrix, respectively. 

{}E ×  denotes the expectation operator. The subscript c  of cR  represents the complex-valued matrix, 
which is to distinguish the complex-valued covariance matrix from the real-valued covariance matrix 
introduced in the following section. 

2.2 Real-valued data model 
For the unitary or semi real-valued processing (12, 18), the real-valued covariance matrix should be 

constructed. First, the real spherical harmonics is defined as follows: 

 ( )
2 (cos )sin( ), 0

ˆ (cos ) , 0

2 (cos )cos( ) , 0

m
n

m m
n n

n

n m

nm

nm
m

m m

Y m

m m

q f

q

q f

ì <
ïïW = =í
ï

>ïî

N P

N P

N P

.  (5) 
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Using the complex symmetry property of the spherical harmonics and Equation (5), the complex 
spherical harmonic matrix can be transformed by a following (2 1) (2 1)n n+ ´ +  unitary matrix for order 

1n ³ : 

 

2( 1)
1 2
2

n n n

T T
n n n

n n n n

i ié ù-
ê ú

= ê ú
ê ú
ê úë û

I 0 J

Q 0 0
G 0 J G

,  (6) 

where 0 1=Q , and nG  is a n n´  anti-diagonal matrix with ones in anti-diagonal positions and zeros 
elsewhere, n0  represents a column vector containing of n  zeros, and nJ  is a n n´  anti-diagonal 
matrix whose ( , 1 )i n i+ - -th element is set to ( 1)i- . With nQ  matrices ( 0, ,n N= L ), one can construct 
a unitary matrix 0blkdiag{ , , }N=Q Q QL . As shown in (12), a real-valued steering matrix can be 
obtained as 1

ˆ ˆ ˆ[ , , ]H T
D= =QY Y y yL , where 0 1 0

0 1 1
ˆ ˆ ˆ ˆˆ [ ( , ), ( , ), ( , ), , ( , )]N T

NY Y Y Yq f q f q f q f-=y L . 
Based on the proof in (12), the real-valued covariance matrix can be computed from the 

complex-valued covariance matrix as 
 ˆ ˆ ˆ ˆ ˆˆˆRe{ } { }H T H H

r c s s sE= = =R QR Q Y ss Y U Σ U   (7) 

where ˆ [Re{ }, Im{ }]=s s s , ˆ
sU  is the real-valued signal subspace, ˆ

sΣ  is the real-valued eigenvalue 
matrix, and Re{}×  extracts the real part of the argument. In the following section, the real-valued 
signal subspace in Equation (7) is utilized for the recurrence relations of complex spherical harmonics. 

3. SEMI REAL-VALUED EB-ESPRIT 
The proposed semi real-valued (SR)-EB-ESPRIT utilizes three recurrence relations of spherical 

harmonics whose directional parameters correspond to ,x y , and z  directions in the Cartesian 
coordinates (25, 26): 

 

* 1 1 * 1 * ( 1) 1 * 1 *
1 1 1 1 1 1

* 1 1 * 1 * ( 1) 1 * 1 *
1 1 1 1 1 1

sin ( ( ( ( ( (

sin ( ( ( ( (

cos

/cos ) ) ) ) ) ) 2

sin ) ( ) ) ) ) ) / 2

m m m m m m m m m
n n n n n n n n n
m m m m

d
m m m m m

n n

d d d d d d

d n n n nd n nd d d d n d

Y w Y w Y w Y w Y

Y w Y w Y w Y iw Y

q

q

f

f

- - - - - + + +
+ + - + + -

- - - - - + + +
+ + - + + -

W = W - W - W + W

W W - W += W - W
* * *

1 1 1( ( () ) )m m m m m
n n n n nd d d dY v Y v Yq - + +W = W + W

,  (8) 

where ( 1)( ) / (2 1)(2 1)m
nw n m n m n n= - - - - +  and ( )( ) / (2 1)(2 1)m

nv n m n m n n= - + - + . 
The above three recurrence relations can be re-written as the matrix form with the shifted and 

order-reduced ( 1N - ) harmonics matrix ( , )m nY  as 

 

(0,0) (1) 1 ( 1, 1) ( 1, 1) ( 1) ( 1, 1) ( 1, 1)
1 1

(0,0) (2) 1 ( 1, 1) ( 1, 1) ( 1) ( 1, 1) ( 1, 1)
1 1

(0,0) (3) ( 1,0) ( 1,0)
1

) / 2

) / 2

(

(

H m H m H m H m H
n n n n

H m H m H m H m H
n n n n

H m H m H
n n

i

- + - - - - - + + + - +
+ +

- + - - - - - + + + - +
+ +

- +
+

= - - +

= - + -

= +

Y Φ W Y W Y W Y W Y

Y Φ W Y W Y W Y W Y

Y Φ V Y V Y

,  (9) 

where (1)Φ , (2)Φ , and (3)Φ  are D D´  real-valued diagonal matrices containing directional 
parameters sin cosd dq f , sin sind dq f , and cos dq , respectively. m

n
n
m
+
+W  and m

n
n
m
+
+V  are 2 2N N´  

real-valued diagonal matrices containing m
nw n

m
+
+  and m

nv n
m
+
+ , respectively. The d -th column of ( , )Hm nY  

is defined as 0 1 0 1 ( 1)
0 1 1 1 ( 1)( ) [ ( ), ( ), ( ), ( ), , ( )]N H

d d d d d N dY Y Y Y Yn n n n n n
m m m m m m

+ - + + + - +
+ + + + - +W = W W W W Wy L .  

As the directional parameter matrices ( (1)Φ , (2)Φ , and (3)Φ ) contain DOAs ( dW ), one has to solve 
the Equation (9) for the matrices ( (1)Φ , (2)Φ , and (3)Φ ). However, ( , )m nY  matrices cannot be 
computed directly from the MC-SHD signals. We utilize a relationship between the real-valued signal 
subspace ( ˆ

sU ) and the complex-valued steering matrix ( HY ) in SHD (12), given by 

 ˆ ˆH H
s s= =U Q U Y T ,  (10) 

where T̂  is a D D´  real-valued nonsingular matrix. Using Equation (10), we can transform a 
real-valued signal subspace ( ˆ

sU ) obtained from a real-valued covariance matrix ( rR ) into a 
complex-valued signal subspace ( sU ) that can be applied to recurrence relations of complex spherical 
harmonics (Equation (8)), and obtain a real-valued common transformation matrix T̂  as well. From 
Equations (7) and (10), and by multiplying T̂  matrix, Equation (9) can be re-written as 
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(0,0) 1 ( 1, 1) ( 1, 1) ( 1) ( 1, 1) ( 1, 1)
1 1

(0,0) 1 ( 1, 1) ( 1, 1) ( 1) ( 1, 1) ( 1, 1)
1 1

(0,0) ( 1,0) ( 1,0)
1

(1)

(2)

(3)

) / 2

) / 2

(

(

m m m m
s n s n s n s n s

m m m m
s n s n s n s n s

m m
s n s n s

i

- + - - - - - + + + - +
+ +

- + - - - - - + + + - +
+ +

- +
+

= - - +

= - + -

= +

U Ψ W U W U W U W U

U Ψ W U W U W U W U

U Ψ V U V U

,  (11) 

where ( ) 1 ( )ˆ ˆ ( {1,2,3})I I I-= " ÎΨ T Φ T . The least-squares solution of Equation (11) yield ( )IΨ  matrices.  
The least-squares solution can be unique when the pseudo-inverse matrix (0,0)

sU  is the overdetermined 
system, which corresponds 2N D³ . From this inequality condition, the maximum number of 
detectable sources is determined to 2N . 

To estimate simultaneously ( )IΦ  matrices from the estimated ( )IΨ  matrices, one should compute 
joint-diagonalizing matrix. In the following section, we show how to compute the joint-diagonalizing 
matrix A  by using a block coordinate procedure and additional constraints. From the estimated A  
matrix that corresponds to the inverse of the real-valued common transformation matrix ( 1ˆ -Τ ), the 

( )ˆ IΦ  matrices can be computed from ( ) ( ) 1ˆ I I -=Φ AΨ A . Using the elements of the ( )ˆ IΦ  matrices, DOA 
of d -th source ( dW ) can be estimated with a four-quadrant inverse tangent ( atan{}× ) as 

 
(1) 2 (2) 2 (3)

, , ,

(2) (1)
, ,

ˆ ˆ ˆ ˆatan2{ {Re{[ ] }} {Re{[ ] }} , Re{[ ] }}
ˆ ˆ ˆatan2{Re{[ ] },Re{[ ] }}

d d d d d d d

d d d d d

q

f

= +

=

Φ Φ Φ

Φ Φ
,  (12) 

4. JOINT DIAGONALIZATION WITH CONSTRAINT 

4.1 A block coordinate procedure 
As mentioned in (15), ( )IΨ  matrices are jointly diagonalized by using the joint eigenvalue 

decomposition algorithms, which can be achieved by minimizing 

 { }
3 2( ) 1

1
( ) ZDiag I

FI

-

=

=åA AΨ AJ ,  (13) 

where ZDiag{}×  sets to zero the diagonal of the matrix element, and 
F

×  denotes the Frobenius norm 
of the matrix. In this work, we utilize a block coordinate procedure of the JAPAM algorithm (Joint 
eigenvalue decomposition algorithms using a Parameterized Matrix) (22). The block coordinate 
procedure divides the problem of estimating A  by minimizing ( )AJ  into ( 1) / 2D D -  successive 
simpler optimization problems by using the following matrices, 

 ( )1 ,
1 1

D D i j
i j i

-

= = +
=Õ ÕA A ,  (14) 

where matrices ( ),i jA  are equal to the identity matrix that depends on four unknown parameters: 
( , ) ( , ) ( , ) ( , )
1 2 3 4, , ,i j i j i j i jA A A A : 

 

( , )
,

( , ) ( ,
,

, ,

,

, ) ( ) ( , )
1 2

( , ) ( , ) ( , )
,

( , )
3 4

( , ) {( , ), ( , ), ( , ), ( , , ]
[ [] ]
[ ]

)} [

,[ ]
,

i j

i i i j

j i j

i j
i j

i j i j i j i j

i j i j i j i j
j

i j i i i j j i j j
A A
A A

d ¢¢ ¢¢¢ ¢ì" Ï =
ï = =í
ï = =î

A
A A
A A

,  (15) 

where d  is the Kronecker delta function. For ( , )i j  step, the following matrices are updated as 

 
( , )

( ) ( , ) ( ) ( , ) 1( ) , {1,2,3}

i j

I i j I i j I-

ì ¬ï
í

¬ " Îïî

A A A
Ψ A Ψ A

.  (16) 

In ( , )i j -update, we define the following matrices 
 ( ) ( , ) ( ) ( , ) 1( ) , {1,2,3}I i j I i j I-= " ÎΘ A Ψ A . (17) 

Then, the cost function (Equation (13)) can be re-written as  

 3( , ) ( ) 2 ( ) 2
, ,1

( ) (| [ ] | | [ ] | )i j I I
i j j iI

C
=

= +åA Θ Θ .  (18) 
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As we focus on ( )
,
I

i jΘ  and ( )
,
I
j iΘ  matrices, Equation (18) can be transformed to the simpler cost 

function form with 2 2´  matrices as 

 3( , ) ( ) 2 ( ) 2
1,2 2,11

( ) (| [ ] | | [ ] | )i j I I
I

C
=

= +åA Θ Θ% % % ,  (19) 

where  

 

( ),( , ) ( , ) ( ),( , ) ( , ) 1

( ) ( ) ( ) ( )( , ) ( , ) ( , ) ( , )
, , , ,1 2 1 2

( ) ( ) ( ) ( )( , ) ( , ) ( , ) ( , )
, , , ,3 4 3 4

( )

[ ] [ ] [ ] [ ]
[ ] [ ] [ ] [ ]

I i j i j I i j i j

I I I Ii j i j i j i j
i i i j i i i j

I I I Ii j i j i j i j
j i j j j i j j

A A A A
A A A A

-

-

= =

é ù é ùé ù é ù
=ê ú ê úê ú ê ú

ê ú ê úë û ë ûë û ë û

Θ A Ψ A

Θ Θ Ψ Ψ
Θ Θ Ψ Ψ

% % % %
1

, {1,2,3}I" Î
.  (20) 

In this work, without assumptions in (22), two elements ( )
1,2[ ]IΘ%  and ( )

2,1[ ]IΘ%  are computed as 

 
( )
( )

( ) ( ) ( ) ( )
. , , ,

( ) ( , ) ( , ) ( , ) 2 ( , ) 2
1,2 1

)

2 1 2

( ) ( , ) ( , ) ( ) ( ) ( ) (
, , ,

( , ) 2 ( , ) 2
1,2 3 4 ,4 3

[ ] ) )

[ ] ()

( (

)(

I I I I
j j i j

I i j i j i j i
i i j i

I I I I
i j j j

j

I i j i j i j i j
j i i j

A A A A

A A A A

= Y -Y + -Y Y

= Y -Y + Y Y-

Θ

Θ

%

%
.  (21) 

4.2 JEVD with Laplacian constraint 
The sound field satisfies the Helmholtz equation (27). Therefore, the following equation always 

holds for the wavenumber components ( , ,x y zk k k ) in the Cartesian coordinates: 

 2 2 2 2
x y zk k k k+ + = .  (22) 

In an ideal case without noises, (1)Φ , (2)Φ , and (3)Φ  matrices obtained from the acquired sound 
field are the real-valued diagonal matrices with ( cos sind df q , sin sind df q , and cos dq ) as their 
( , )d d -th element, respectively. Therefore, the following expression should be satisfied: 

 
(1) (1) (2) (2) (3) (3)

1 (1) (1) (2) (2) (3) (3)ˆ ˆ( ) D D
-

´

+ +

= + + =

Φ Φ Φ Φ Φ Φ

T Ψ Ψ Ψ Ψ Ψ Ψ T I
.  (23) 

However, in practical situations, it is impossible to satisfy Equation (23) because of the noises. In 
this work, we propose to use a robust JEVD algorithm by adding the iterative JEVD algorithm (22) into 
the above Laplacian constraint (L-constraint). The cost function of the proposed JEVD algorithm is 
changed from the cost function of a block coordinate procedure (Equation (19)) as 

 
2 2 2 2 2 23( , ) ( ) ( )

const 1,2 2,1 1,2 2,1 1,1 2,21
( ) (1 ) ( [ ] [ ] ) ( [ ] [ ] [ ] 1 [ ] 1 )i j I I

I
C l l

=
= - + + + + - + -åA Θ Θ Ξ Ξ Ξ Ξ% % % % % % % ,  (24) 

where ( , ) ( , ) (1)( , ) (1)( , ) (2)( , ) (2)( , ) (3)( , ) (3)( , ) ( , ) 1 2 2( )( )i j i j i j i j i j i j i j i j i j - ´= + + ÎΞ A Ψ Ψ Ψ Ψ Ψ Ψ A% % % % % % % %% ¡ , and elements of ( , )i jΞ%  
are computed as follows,  

 

( , ) ( , ) ( , ) ( , ) ( , ) 2 ( , ) ( , ) 2 ( , )
1,2 1 2 (4) (1) 1 (2) 2 (3)

( , ) ( , ) ( , ) ( , ) ( , ) 2 ( , ) ( , ) 2 ( , )
2,1 3 4 (1) (4) 4 (3) 3 (2)

( , ) ( , ) ( , )
1,1 1 4 (1) 1

[ ] ( ) )

(

)

[ (] ( ) ) )

(

[ ]

(i j i j i j i j i j i j i j i j

i j i j i j i j i j i j i j i j

i j i j i j

A A A A

A A A A

A A A

Y Y Y - Y

Y Y Y

= - +

= - +

=

- Y

Y -

Ξ

Ξ

Ξ

%

%

% ( , ) ( , ) ( , ) ( , ) ( , ) ( , ) ( , ) ( , ) ( , )
3 (2) 2 4 (3) 2 3 (4)

( , ) ( , ) ( , ) ( , ) ( , ) ( , ) ( , ) ( , ) ( , ) ( , ) ( , ) ( , )
1,2 1 4 (4) 1 3 (2) 2 4 (3) 2 3 (1)[ ]

i j i j i j i j i j i j i j i j i j

i j i j i j i j i j i j i j i j i j i j i j i j

A A A A A

A A A A A A A A

Y Y - Y

Y + Y= Y - Y

+

-Ξ%

 , (25) 

where 

 

3( , ) ( ) ( ) ( ) ( )
(1) , , , ,1

3( , ) ( ) ( ) ( ) ( )
(2) , , , ,1

3( , ) ( ) ( ) ( ) ( )
(3) , , , ,1

( , ) ( ) ( ) ( )
(4) , , ,

([ ] [ ] [ ] [ ] )

([ ] [ ] [ ] [ ] )

([ ] [ ] [ ] [ ] )

([ ] [ ] [ ]

i j I I I I
i i i i i j j iI

i j I I I I
i i i j i j j jI

i j I I I I
j i i i j j j iI

i j I I I
j i i j j

=

=

=

Y = +

Y = +

Y = +

Y = +

å
å
å

Ψ Ψ Ψ Ψ

Ψ Ψ Ψ Ψ

Ψ Ψ Ψ Ψ

Ψ Ψ Ψ3 ( )
,1

[ ] )I
j j jI =å Ψ

.  (26) 

In Equation (24), l  is the parameter that determines the weight between the original cost function 
(Equation (19)) and the L-constraint, ranging from 0 to 1. In this work, for each update of ( , )i j , we 
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solve the unconstraint optimization problem with the cost function in Equation (24) by using the 
Quasi-Newton method (28, 29). 

5. EVALUATION 

5.1 Setup 
To investigate the estimation performance for the early reflections, we conducted simulations with 

synthesized room impulse responses. The impulse responses of the room were generated with a 
spherical microphone array impulse response generator (30) and convolved with the white Gaussian 
noise to generate MC-SHD data. The rigid body SMA with radius 0.042 m that composed of 32 
uniformly sampled microphones was used. The SMA signals were sampled at 16 kHz. The STFT was 
done by Rectangular window of 480 samples (30 ms) in length, a hop size of 120 samples (7.5 ms), and 
DFT size of 512. 

The room setup is described in the left side of Figure 1. The height of the room is 3.03 m, and the 
height of the center of the SMA and loudspeaker unit are 1.41 m. The sound field was decomposed up 
to the fourth-order of spherical harmonics ( N = 4). To de-correlate the highly correlated early 
reflections, the real-valued covariance matrix ( rR ) was averaged over 500 time frames and frequency 
range within 2.275–3.9 kHz ( 1.75 ~ 3kr = ) (31, 32). The signal-to-noise ratio (SNR) is defined to the 
total power of the sound sources to the total power of the self-microphone noises. The self-microphone 
noises were generated with the uncorrelated white Gaussian noises. The ground truth DOAs of direct 
sound and early reflections are shown in the right side of Figure 1. The estimation errors between the 
true DOAs and estimated DOAs were computed as 1 ˆ ˆ ˆcos (cos cos cos( )sin sin )d d d d d d dq q f f q q-DW = + - . 

The root-mean-square error (RMSE) is defined as 2 1/2
1 1

RMSE( ) {(1/ ) }K D
dd

KD
k = =

W = DWå å  with 
300K =  independent trials. The reverberation time of the simulated room was set to 300 ms.  

 
Figure 1 – The room setup and ground truth DOAs of the direct sound and early reflections in a room. 

The baselines of this work were DOA-vector EB-ESPRIT (15) and the SR-EB-ESPRIT using 
JAPAM-5 algorithm without L-constraint (22). The diagonalizing matrix A  in the first iteration was 
initialized as the inverse of eigenvector matrix of (1)Ψ  for JAPAM-5 algorithm and the proposed 
optimization algorithm. The maximum iteration number was set to 150, and the stopping criterion for 
JAPAM-5 was set as same in (22). In the proposed method, l  was set to 0.05. The optimization with 
the proposed cost function (Equation (24)) was solved by using the unconstraint multivariable and 
nonlinear optimization solver (fminunc) of the MATLAB®. The optimization algorithm was selected 
as ‘Quasi-Newton’ algorithm (29), and the initial points of ( , ) ( , ) ( , )

1 2 3, ,i j i j i jA A A , and ( , )
4

i jA  were selected 
from {0.3, 0.65, 1}  that minimize the cost function output ( ( , )

const ( )i jC A% ) for each ( , )i j  step. The total 
iteration number of the proposed algorithm was set to 1. 

5.2 Results 
In Figure 2 (a), RMSEs evaluated in various SNR conditions (SNR = 10 dB ~ 40 dB) are shown. 

RMSEs for all algorithms change slightly as SNR decreases. This is because the artifacts of the late 
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reverberant components have dominant influences on the performance of algorithms. The RMSEs of 
SR-EB-ESPRIT with JAPAM-5 and with L-constraint are only one-fourth compared to the case of 
DOA-vector EB-ESPRIT in all SNR regions. The proposed SR-EB-ESPRIT with L-constraint 
estimates slightly better than the SR-EB-ESPRIT with JAPAM-5, which is caused by adding the 
physical constraints based on the Helmholtz equation. To validate the performance for each reflection, 
the RMSE for each wall was examined in SNR = 10 dB condition (Figure 2 (b)). Without direct sound, 
RMSEs of DOA-vector EB-ESPRIT are quite high. Unlike the RMSEs of DOA-vector EB-ESPRIT, 
both RMSEs of SR-EB-ESPRIT with JAPAM-5 and SR-EB-ESPRIT with L-constraint are reasonably 
small (under 4 degrees), but their performance gap is ignorable. To summarize, both SR-EB-ESPRIT 
techniques proposed in this work show outstanding performance compared to the state-of-the art 
technique. The L-constraint brings a slight performance gain in overall RMSEs, but the differences 
depend on the wall directions.  

 
Figure 2 – (a) RMSEs for various SNRs (10 ~ 40 dB) 

(b) RMSEs of the direct sound and the early reflections with SNR = 10 dB. 

6. CONCLUSIONS 
We proposed the DOA estimation method for direct and early reflection sounds in a room by using 

the semi real-valued processing and joint eigenvalue decomposition with constraint. The proposed 
method can reduce the computational complexity by using the real-valued covariance matrix and 
real-valued common transformation matrix. In addition, by using the L-constraint based on the 
Helmholtz equation, the robustness of the proposed method is slightly improved. Through the 
simulation results in various SNRs, we showed that the estimation performance of the proposed 
method outperforms other baseline algorithms in a room. 
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Double tetrahedral intensity probes for reducing the spatial bias 
error of source localization 

In-Jee JUNG1; Jeong-Guon IH2 
1, 2 Korea Advanced Institute of Science and Technology, Korea 

ABSTRACT 
A compact tetrahedral probe used for measuring the three-dimensional acoustic intensity vector can be used 
for the source localization. Although such 3D intensimetry is advantageous in miniaturizing the sensing 
system size, it has not been popularly used due to its large spectral and spatial bias errors, which are 
additional to the bias errors at low and high frequency ranges. Compensation methods for spectral bias errors 
are recently proposed, but the spatial bias error, which is related to the probe orientation, is not easy to 
compensate. In this work, the idea is to adopt two probes together, thus effectively arranging the microphones 
to reduce the spatial sparseness of sensors and the irregularity in directivity. The number of microphones is 
minimized by sharing 1 or 3 microphones in the double module probes, while permitting the calculation of 
two intensity vectors. Two different types of probe configurations are used: twisted double probes, double 
tetrahedral probe symmetric to a face of the tetrahedron. A numerical simulation is conducted to compare the 
proposed probe systems with single probe. The result shows that the residual spatial bias error is less than 
5.7° for 2.5<kd<4.1 range. 
 
Keywords: 3D Acoustic intensimetry, Source localization, Double tetrahedral intensity probe 

1. INTRODUCTION 
A compact tetrahedral probe used for measuring the three-dimensional acoustic intensity vector can 

be used for the source localization. Although such 3D intensimetry is advantageous in miniaturizing 
the sensing system size compared to the other methods such as TDOA or beamforming, it has not been 
popularly used due to its inherently large spectral and spatial bias errors, which are additional to the 
well-known bias errors at low and high frequency ranges (1). Compensation methods for spectral bias 
errors are recently proposed by using the frequency band averaging or the phase filtering of cross 
correlation functions (2). However, the spatial bias error, which is related to the probe orientation to 
the source, is not easy to compensate. In this work, the idea is to adopt two tetrahedral probes 
together, thus effectively arranging the microphones to reduce the spatial sparseness of sensors and 
the irregularity in directivity. 

2. ESTIMATION OF INTENSITY USING MICROPHONES 
The one-dimensional active sound intensity can be estimated by calculating the cross-power 

spectral density (CPSD) function between adjacent two microphones (3). Similarly, the 
three-dimensional sound intensity can be estimated by adopting at least four microphones configured 
in the orthogonal space. To this end, an acoustic intensity probe configured in a tetrahedral 
microphone layout can be used, in which any set of two microphones keep the same spacing. The 
intensity vector component calculated in the Cartesian coordinates can be expressed as (4) 

( ) ( )
m-1 m

a ij 0
i=1 j=i+1

ImI dα ρ ω=∑∑ ijG , (1) 

where Gij means CPSD between the measured pressure data at the ith and jth sensors, αij is the 
coefficient of the Gij, d the spacing between adjacent microphones, ω the circular frequency, ρ0 the 
medium density, m the number of microphones. The estimated azimuth and elevation angles denoting 
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the source direction can be written as 

( ) ( ){ } ( ) ( ) ( ){ }1 1 2 2tan , tany x z x yI I I I Iφ ω ω θ ω ω ω− −= = + . (2) 

The spectral bias error occurs due to the reflected wave, which can be compensated by the 
1/3-octave band averaging or adopting the CPSD filtering method. Also, the spatial sparseness of the 
sensors makes the non-uniform directivity index (DI) of the probe, which makes the spatial bias 
error at the high range of Helmholtz number, kd, where k is the wavenumber. It is theoretically 
possible to compensate the spatial bias error by using the pre-calculated spatial error database for a 
single probe, but the compensation is not easy in practical problems. 

3. DOUBLE TETRAHEDRAL INTENSITY PROBE 
In this study, two probes are adopted as one module, thus effectively arranging the microphones to 

reduce the spatial sparseness of sensors and the irregularity in directivity. To this end, two different 
types of probe configurations are adopted: twisted double module, face-symmetric double module. 
Figure 1 shows the shape of single and double-tetrahedral probe modules and estimated DI and the 
spatial bias error for kd=2.5. The number of microphones is minimized by sharing 1 or 3 microphones 
in the double module probes, while permitting the calculation of two intensity vectors. One can find 
that the DI variation of the double tetrahedral modules is less than 0.8 dB, which is smaller than the 
single module case that bears the variation less than 1.0 dB. In case of the single module, the spatially 
averaged bias error is 4.1°, which is about two times larger than that of the double modules. Also, the 
spatial error variation of a single module is far larger than that of the double modules. One can figure 
out that the pattern of spatial bias error appears differently for each module, and the pattern is 
proportional to the gradient of DI as shown in Fig. 2. In Figures 1(e-f) and 2(b-c), the twisted and the 
face-symmetric double tetrahedral modules show that the error is maximum in the direction around z- 
and y-axis. Although such spatially non-uniform error occurs in the pole region of the double modules, 
one can find that the localization accuracy is better than the single module. 

 
Figure 1. The shape of the single and double-tetrahedron intensity probes and the estimated DI and DoA 

error for kd=2.5: (a)(b)(c) DI of the probes, (d)(e)(f) the spatial bias error. (a)(d) Single-tetrahedron 

intensity module, (b)(e) twisted double module, (c)(f) face-symmetric double module. 

 

(a) (b) (c) 

(d) (e) (f) 
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Figure 2. The gradient of DI of the single and double-tetrahedron intensity probes for kd=2.5: (a) 

single-tetrahedron intensity module, (b) twisted double module, (c) face-symmetric double module. 

4. LOCALIZATION TEST 
A numerical simulation is conducted to compare the localization performance of the proposed 

double module probes and a single module probe. A band-limited white noise for 0.5-1.6 kHz with 20 
dB signal-to-noise ratio is used as the source signal, and the noise is incident from 543 directions, 
which are uniformly distributed in 3D space, on the acoustic center of each module. The spacing 
between adjacent microphones is varied for 85-140 mm, that corresponds to 2.5<kd<4.1. Figure 3 
shows the band-averaged spatial bias error of each module displayed in -π/2< φ <π/2 and -π/2<θ<π/2 
for kd=2.5, 3.5, 4.1, respectively. The test result for kd<2.5 is omitted because the spatially averaged  

 
Figure 3. A comparison of single and double tetrahedral intensity probes in localization error for 2.5<kd<4.1: 

(a)(b)(c) kd=2.5, (d)(e)(f) kd=3.5, (g)(h)(i) kd=4.1. (a)(d)(g) Single-tetrahedron intensity module, (b)(e)(h) 

twisted double module, (c)(f)(i) face-symmetric double module. 

(a) (b) (c) 

(a) (b) (c) 

(d) (e) (f) 

(g) (h) (i) 
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bias error of a single module is less than 1.4° and it is not significantly different for single and double 
modules. One can find that the difference of the error between the modules becomes large for kd>2.5 
as presented in Figure 3. At kd=4.1, the averaged spatial bias error of twisted double module and 
face-symmetric double module is 4.8°, 5.7°, respectively, which is far smaller than the single module 
case that bears the error as much as 10.7°. The gradient of the DI forms a spatial bias error pattern of 
each module. By considering the pattern of the double modules, the twisted double module has 
robustness in azimuth angle, and the face-symmetric module is robust to the elevation angle in the 
source localization. 

5. CONCLUSIONS 
The spatial bias error in the 3D intensity vector measurement is compensated by using two types of 

double tetrahedral probes. The double modules have a residual error in the pole region, however, the 
spatially averaged bias error is much smaller than of the single tetrahedral module so the double 
module can conduct more accurate source localization in the high frequencies. The residual error in the 
direction of arrival becomes less than 5.7° for 2.5<kd<4.1. The twisted and face-symmetric modules 
are robust to the azimuth angle and elevation angle, respectively. 
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Sound field reconstruction in a room from spatially
distributed measurements

Efren FERNANDEZ-GRANDE(1)
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Abstract
The full characterization of the sound field in a room from experimental data is a challenging problem, as
the direct measurement of the sound field in the volume requires considerable experimental effort. In this
study, the sound field in a room at low frequencies is characterized using a representation in wavenumber
domain that infers the modal structure of the sound field. The modal structure is used to synthesize frequency
response functions, to characterize the spatio-temporal properties of the wave field. The proposed method makes
it possible to infer frequency response functions between source-receiver pairs that have not been measured,
exploiting the representation of the sound field as a modal superposition, and thus reducing the dimensionality
of the reconstruction problem

Keywords: Acoustic holography, room acoustics, array processing, sound field analysis

1 INTRODUCTION
In many applications, knowledge of the room impulse response functions throughout a room is valuable - e.g.,
source localization [1], dereverberation [2], room equalization [3, 4], sound field analysis [5, 6], etc. However,
measuring experimentally the spatio-temporal properties of the sound field in an entire room, i.e. measuring
impulse responses in the three-dimensional domain point by point, requires extensive experimental effort. The
alternative of interpolating and extrapolating the sound field - i.e. estimating room impulse response functions at
positions that have not been directly measured, is a powerful approach that has been explored in multiple studies
[7, 8, 9, 10, 11, 12]. The rationale behind most approaches is to formulate a physical propagation model, often
based on elementary wave expansions (in frequency or time domain), onto which a limited set of measurements
is mapped. This constitutes an inverse acoustic problem [13], where the model is fitted to experimental data,
making it possible to predict or reconstruct the sound field anywhere in the domain [14, 15, 16]. These inverse
approaches typically do not require explicit knowledge of the geometry or boundary properties of the room, as
they are essentially concerned with the propagation of sound waves in the medium. Yet, prior information can
be incorporated into the problem, to promote meaningful solutions that lead to better predictions [17, 18, 19,
20].
Several studies have addressed the reconstruction of the sound field in a room from a limited set of measure-
ments [7, 8, 9, 10, 11, 12], typically at mid and low frequencies or over small apertures - due to the sampling
requirements. When considering the sound field in a room at low frequencies, the most distinct property of the
sound field is its marked modal structure: i.e. the sound field results from the superposition of normal modes
(eigenfunctions). When addressing sound field reconstruction in small or medium enclosures (low modal den-
sities), this physical property can be exploited, i.e. [10, 21, 22, 23]. These studies propose to decompose the
normal modes into a sparse set of plane-wave functions, a case which is well-suited to rectangular enclosures,
but is less suited to rooms of arbitrary shape. In the latter case, it is necessary to assume that an over-complete
set of basis functions can approximate the eigenfunctions sufficiently well.
In the present study we propose a method to reconstruct the sound field in a room, via incorporating the modal
structure of the sound field into the problem. The approach serves to predict the spatio-temporal properties of
the wave field at low frequencies over the volume of the room. As a result of introducing the normal modes
into the model, the method presented here enables to predict/synthesize frequency response functions between
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any source-receiver pair in the room, including those that have not been measured.

2 THEORY
The solution to the inhomogeneous wave equation in an enclosure, i.e. the Green’s function, has the well known
solution [24]

G(r|r0) = −
1
V

∞∑
n=0

Ψn(r0)Ψn(r)
k2− k2

n − jk/cτn
, (1)

where V is the room’s volume, Ψn are the normal modes (eigenfunctions) of the room, k is the wavenumber,
kn the modal frequency of the mode of index n, and τn is its time constant. The sound pressure in the room is
p(r) = jωρQG(r|r0), and Q is the volume velocity of the source. The normal modes can be expanded into an
elementary wave basis

Ψn(r) =

∞∑
m

Anmϕnm(r), (2)

where ϕnm(r) are the elementary waves and Anm a set of unkown coefficients. In the present study, plane
propagating waves are chosen, ϕnm(r) = e−jkT

nm·r, where knm =
(
kx,nm,ky,nm,kz,nm

)
is the wavenumber vector of

mode n discretized into a basis of M plane waves. It should be noted that no assumption is made on the
geometry of the room or the shape of the normal modes. Assuming that all modes are excited (i.e. the source
is not placed on a nodal plane), the sound field in the room can be written as

p(r) = −
jωρQ

V

N∑
n

(
k2− k2

n − jk/(cτn)
)−1

M∑
m

Anmϕnm(r) (3)

where N is the number of normal modes considered, and M is the number of plane waves into which each
mode is discretized. As the modal frequencies are not available, and the modal shapes are unknown, this
problem leads to a three-dimensional discretization of the wavenumber space or k-space, as shown in Fig. 1.
In the figure, two lattice sampling patterns are shown, one in concentric circles and another in a cubical lattice,
where the wavenumber domain is sampled at equal intervals in the kx,ky and kz directions.

Figure 1. Sampling of wavenumber domain. Spherical lattice sampling (left). Cubical lattice sampling (right)

Problem (3) can be written in matrix form as p =Φb where p ∈CM , b ∈CN·M . This problem is highly underde-
termined, given the multi-dimensional basis used to model the sound field, and the inversion is not trivial. We
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Figure 2. Finite element model of the room, with the source placed near the origin, at (x,y,z) = (0.1,0.1,0.1) m
(left). Distribution of measurement points in the volume of the room (right)

propose to make use of a synthesis prior in the solution [25, 26], which promotes solutions where the non-zero
plane wave functions are close to the driving frequency,

b̃ = arg min
b
||Φb−p||2 +λ||Lb||1 (4)

The matrix L = diag(w) is a diagonal matrix that contains the distance between the angular frequency of each
plane wave and the modal frequency that is being excited, with elements wi = k2 −‖k2

nm,i‖. The estimation can
be further refined by normalizing the magnitude of the modes to match the measured sound pressure levels in
a broadband sense, i.e. minimizing the functional arg min

an

‖p(rm,ω)− p̃(rm,ω,an)‖ where an is a scaling factor

associated to each mode, rm are the measurement positions and p̃ the reconstructed pressure. Once the eigen-
functions are estimated from (4), it is possible to predict the sound field at any point in the volume, through a
reconstruction matrix Φr that maps the estimated coefficients b̃ and the reconstruction points

p̃r =Φrb̃ (5)

with p̃r ∈ C
R containing the predicted sound pressure at the reconstruction points.

A significant result derived from this model is the fact that based on the expansion of the normal modes into
plane waves (retaining the modal structure of the sound field), it becomes possible to predict the sound field in
the room at different source positions than the measured one. From Eqs. (2)-(5), the sound pressure field in the
room for any source at position rx can be synthesized as

p(rr) = −
jωρQ

V

N∑
n=0

Ψn(rx)Ψn(rr)
k2− k2

n − jk/cτn
.

It is apparent that the proposed model enables to predict the sound pressure in the room for any combination
of source-receiver pairs, including those that have not been measured.

3 RESULTS
A numerical study is presented to test the proposed methodology. A Finite Element Method (FEM) simulation
of an approximately rectangular room of dimensions 3.3×3×4.5 m3 and reverberation time of T60 = 2.2 seconds
is performed in COMSOL (Fig. 2 left). The sound pressure estimated from the FEM study is used as reference
“true” data to assess the accuracy of the reconstruction method. The simulated measurement consists of 64
measurement points pseudo-randomly distributed throughout the volume of the room, with a minimum spacing
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Figure 3. Reconstruction of the sound field in the room at 44 Hz (top row) and 78 Hz (bottom row). The
reconstructed field is shown in the left column, and the true reference sound field in the right column [dB
SPL].

of 10 cm, and an average spacing of 75 cm (see Fig. 2 (right)). A wave basis is constructed consisting of
29000 plane waves, chosen to sample the wavenumber spectrum in a cubical lattice of dk=0.18 rad/m, and
spanning the first 25 modes in the room. The reconstruction of the sound field is analyzed in the frequency
range between 30 Hz and 150 Hz, and the reconstruction domain is the entire volume of the room, discretized
in 43500 points.

Figure 4. Frequency response functions (averaged and min/max values in shaded area [dB SPL]) and MAC for
the frequency range between 30 and 135 Hz, when the room is driven with the source in the corner (x0,y0,z0) =

(0.1,0.1,0.1) m.

Figure 2 shows the shape of the examined room, which is a model of one of the rooms at the DTU acoustics
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labs which is used for flanking transmission measurements. The figure also shows the measurement points
distributed throughout the volume.
Figure 3 shows the reconstructed and true sound pressure levels inside the volume of the room at 44 Hz (top),
which is close to an axial mode, as well as the response at 78 Hz (bottom) which is between two modal
frequencies. The reconstructed results and the true reference sound field are shown for comparison. At 44 Hz
the pressure response is dominated by mode (1,0,0). In the case at 78 Hz, the resulting sound pressure is due to
the superposition of several modes - as expected due to the higher modal overlap, including the oblique (1,1,1)
mode. It is apparent from the figure that the estimation is fairly accurate in both cases, and the sound field in
the room is reconstructed correctly.
Figure 4 (right) shows the reconstructed frequency response functions in the room up to 135 Hz (averaged FRF
as well as max/min values in the shaded area), and the modal assurance criterion (MAC), defined as

MAC =
‖pHp̂‖2

(pHp)(p̂Hp̂)
, (6)

which is used to quantify the spatial similarity of the modes (MAC= 1 indicates maximal similarity, and MAC=

0 indicates maximal dissimilarity). The FRF’s and the MAC results show that the quantitative accuracy of the
method is good, particularly close to modal frequencies. This is in agreement with the fact that the estimation
problem (4) is solved at these frequencies.

Figure 5. Synthesized frequency response functions when the source is placed at position (x,y,z) = (1.5,2,1) m,
not too far from the center of the room. Reconstructed sound pressure levels [dB] at 87 Hz, over 869 points
in the room. Frequency response functions (averaged and min/max values in shaded area) and MAC for the
frequency range between 30 and 135 Hz.

It is perhaps of greater interest to consider the reconstruction of the sound field for source-receiver combinations
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that have not been measured, i.e. if the presented model is used to synthesize or predict the frequency response
function for an arbitrary source position rx. Figure 5 (top) shows the predicted/reconstructed sound field if a
source was placed at position (xx,yx,zx) = (1.5,2,1) m, not too far from the center of the room. In this case the
reconstruction is done over 869 points (the lower number of points in this test was chosen for computational
efficiency). The figure shows the reconstruction at 87 Hz, along with the reference true pressure, which was
estimated from a new FEM simulation with the source placed at (1.5,2,1) m. It is clear that the method predicts
well the actual sound field in the room. Figure 5 (bottom) shows the frequency response functions (averaged
as well as max-min values) as well as the MAC, for the reconstruction of the sound field in the case that the
source is placed in a new position. It is noticeable that several of the modes with nodal planes near the new
source position contribute less to the frequency response than in the previous case (source in the corner). On
average, the reconstructed responses and true reference response are fairly similar throughout the room and the
MAC is higher at frequencies where a single mode dominates, or at higher modal densities, as the distance
between modes is smaller. The accuracy is somewhat lower than the case that the source is in the corner (Figs.
3 and 4), which is to be expected since the frequency responses are based on predicting the resulting sound
field if the source was placed in a different position. Nonetheless, the dominant spatial properties of the sound
field seem to be recovered correctly.

4 CONCLUSIONS
A method is presented to reconstruct the sound field in a room at low frequencies. The sound field is modeled
using a wavenumber domain representation that infers the modal structure of the sound field. The method is
tested numerically at low frequencies, showing that the sound field in the volume of the room can be accurately
reconstructed. Due to incorporating the normal modes into the problem, it is possible to predict frequency
response functions between any source-receiver pair in the room, including those that have not been measured.
This result has interesting potential, as it leads to a model of the room that is independent of source position,
reducing the dimensionality of the reconstruction problem.
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Abstract
A transmission tube has been developed to measure the four pole matrix of a sample of absorbing material.
The electrical analogy of a sample in a transmission tube can be considered as a T-equivalent circuit of three
impedances, two in series and one in parallel. As consequence, three measurements with three different closing
impedances needs to be carried out. From these measurements, a set of equations will result from which the three
impedances of the T-equivalent circuit can be determined in real and imaginary parts in terms of frequency. Once
these impedances are known, any four pole matrix, such as the transfer or the scattering matrix, of the sample can
be set up. The method has been validated by measurements of several sample combinations in the impedance
tube. A good agreement has been established between transmission tube and impedance tube measurements in
a range of 40Hz-4kHz.
Keywords: Kundt, Transmission, Impedance, Transfer, Matrix

1 INTRODUCTION
The Kundt’s tube is used to measure the acoustical absorption, reflection or impedance of a sample of absorbing
material or a muffler. The sample or muffler needs to be backed by a known impedance, such as a hard
wall, an open end or an anechoic end. However, if one wants to calculate layers of absorbing materials or
muffler systems, four pole data such as the transfer matrix are needed. Therefore, a transmission tube has
been developed which measures the four pole data with high accuracy. The sample is represented as a T-
equivalent circuit [1] of three impedances, two in series and one in parallel. Three impedance measurements
with three different closing impedances will be carried out according to the ISO 10534-2 standard [2]. From
these measurements, a set of equations will result from which the three impedances of the T-equivalent circuit
can be determined in real and imaginary parts in terms of frequency. Once these impedances are known, any
four pole matrix, such as the transfer or the scattering matrix, of the sample can be set up. The method has
been validated by measurements of several sample combinations in the impedance tube.

2 SETUP OF THE TRANSMISSION TUBE
Figure 1 presents a scheme of a normal Kundt tube using the two microphone transfer function method accord-
ing to the ISO 10534-2 standard.

Figure 1. Scheme of an impedance tube using the two microphone transfer function method according to the
ISO 10534-2 standard.
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The wave pattern in the wave guide is governed by the one-dimensional Helmholtz wave equation, which de-
scribes the pressure distribution along the wave guide [3]. At each position x, the pressure p in terms of the
angle frequency ω in the wave guide is expressed as:

p(x,ω) = φg
Z0 Zg

Z0 +Zg

e− j k l

1−Γl Γg e− j 2 k l (e
j k x +Γl e− j k x) (1)

wherein φg the flow and Zg the internal impedance of the acoustic source, Z0 the characteristic tube impedance,
k the wave number, l the length of the tube, Γl and Γg the reflection coefficient on the load and the source
impedance respectively.
By taking the transfer function T12 between the acoustic pressures at two positions x1 and x2, all the quantities
mentioned above disappear except the reflection coefficient at the load. Consequently, this reflection coefficient
Γl can be determined. The load impedance Zl is then determined from the reflection coefficient Γl .

T12 =
p(x1,ω)

p(x2,ω)
=

e j k x1 +Γl e− j k x1

e j k x2 +Γl e− j k x2
(2)

Γl =−
e j k x1 −T12 e j k x2

e− j k x1 −T12 e− j k x2
⇒ Zl = Z0

1+Γl

1−Γl
(3)

The load impedance Zl is the impedance of everything appearing behind the reference section. By taking the
transfer function T12, the source reflection coefficient is eliminated. This implicates that the structures in the
source tube, i.e. everything between the microphone at position x2 and the sound source is eliminated from the
expression of the load impedance. These properties form the basis of the newly developed transmission tube.

Figure 2. Scheme of the transmission tube with two microphone heads, sample ZS and closing impedance ZA.

A scheme of the transmission tube is presented in figure 2. In this tube, a second microphone arrangement
has been introduced between the sample ZS and the closing impedance ZA. The measurement head with micro-
phones 1 and 2 measures the impedance behind the first reference section, consisting of the sample impedance,
the impedance of the second measurement head and the closing impedance. The measurement head with mi-
crophones 3 and 4 measures the impedance behind the second reference section, consisting of only the closing
impedance ZA.
To determine the three impedances Z1, Z2 and Z3, three impedance measurements at each measurement head
have to be carried out with three different closing impedances using the ISO 10534-2 two microphone transfer
function method. From these measured impedances, a set of three algebraic equations will be set up from which
Z1, Z2 and Z3 will be solved in amplitude and phase. Once these three impedances are known, any four pole
matrix such as the impedance matrix, the admittance matrix, the transfer matrix and the scattering matrix can
be obtained.
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The transfer matrix H =

[
A B
C D

]
can be determined from the three impedances Z1, Z2, Z3 and the character-

istic impedance Z0:

H =

 1+
Z1
Z3

Z0 Z1+Z0 Z2+
Z0 Z1 Z2

Z3
1

Z3 Z0
1+

Z2
Z3

 (4)

The transmission loss T L can then be calculated from transfer matrix:

T L = 20 log(.5 (A+
B
Z0

+C Z0+D)) (5)

3 EXPERIMENTAL RESULTS USING THE TRANSMISSION TUBE
Figure 3 presents the newly developed transmission tube.

Figure 3. Transmission tube with internal diameter of 45 mm with two measurement heads and closing
impedance. Total length is 1.4 m

At the left end situates the loudspeaker, then the first measurement head with two microphones, then the sample
holder, then the second measurement head with the closing impedance tube at the right side. The closing
impedance tube has a valve system to create the three closing impedances without disassembling the setup. The
transmission tube has a frequency range from 40 Hz until 4 kHz.
The test sample is presented in figure 4. It is a glass fiber sample of 20 mm thickness which fit slightly tight
in the sample holder with a surplus of 0.2 mm.
The figures 5, 6 and 7 presents the measurement results of the three impedances Z1, Z2 and Z3 of the T-
equivalent circuit between 40 Hz and 4 kHz. The two series impedances Z1 and Z2 are more or less resistive
of nature. Their magnitude is mainly horizontal. The phase remains around zero which indicates the resistive
nature. At 800Hz, a sample resonance occur and above this resonance, the magnitude is slightly increasing and
the phase tends towards +90 o, indicating that the sample behaves more as an acoustic inertia. The impedance
Z3 behaves as an acoustic volume. The magnitude decreases with a slope of −20 dB/decade and with a phase
of −90 o.
From these three impedances, the transfer matrix H is calculated using expression (4). Then, the transmission
loss of this sample is determined using expression (5) and is presented in figure 8. Once the transfer matrix
has been obtained for a sample, they can be collected in a library of sample transfer matrices. These transfer
matrices can be used to predict the acoustic reflection and absorption of different assemblies of absorption layers
without prior measurements with the impedance tube.
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Figure 4. Sample of glass fiber material with diameter 45mm and 20mm thickness.
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Figure 5. Measured impedance Z1 from the T-equivalent circuit. (magnitude in red line with reference 0 dB is
Z0, phase in blue line).

To illustrate this possibility, as a first case, the transfer matrix T of the sample against a hard wall will be
obtained by multiplying the measured transfer matrix by the transfer matrix of a hard wall:

T =

[
A B
C D

] [
1 0
1

ZH
1

]
(6)

wherein ZH is the hard wall impedance, which is set to 1000 times the characteristic impedance Z0.
The impedance ZT of the sample against the hard wall is then determined from the the elements T(1,1) and
T(2,1) of the transfer matrix T:

ZT =
T(1,1)
T(2,1)

(7)

The reflection and absorption coefficient Γ and α are then determined as:

Γ =

ZT
Z0
−1

ZT
Z0

+1
and α = 1−Γ Γ

c; (8)
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Figure 6. Measured impedance Z2 from the T-equivalent circuit. (magnitude in red line with reference 0 dB is
Z0, phase in blue line).
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Figure 7. Measured impedance Z3 from the T-equivalent circuit. (magnitude in red line with reference 0 dB is
Z0, phase in blue line).

To evaluate the result, a benchmark measurement has been carried out in a classical impedance tube. In the
sample holder, the sample has been put directly against the hard wall. Then, the reflection and absorption
coefficient are measured and plotted against the predicted coefficients by using the transfer matrix. Figure 9
presents the result. In red, the real part of the reflection coefficient obtained from the transfer matrix is plotted
against the classical tube measurement in green. In dark blue, the imaginary part of the reflection coefficient
obtained from the transfer matrix is plotted against the classical tube measurement in light blue. Both plots
show a remarkable agreement.
Figure 10 presents the absorption coefficient. In red, the absorption coefficient obtained from the transfer matrix
is plotted against the classical tube measurement in green. Also these plots show a remarkable agreement.
As a second case, an assembly consisting of the sample and an air gap of 100 mm closed by a hard wall will
be considered. The total transfer matrix T of the assembly will be obtained by multiplying the measured sample
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Figure 8. Transmission loss of the sample presented in figure 4 between 40 Hz and 4 kHz.
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Figure 9. Comparison between the measured reflection coefficient of the sample in the impedance tube and
the predicted reflection coefficient from the transfer matrix of the sample measured in the transmission tube in
real/imaginary parts.

transfer matrix by the transfer matrix of a wave guide of 100 mm air gap en then by the transfer matrix of a
hard wall:

T =

[
A B
C D

] [
cosk L j Z0 sink L
j

Z0
sink L cosk L

] [
1 0
1

ZH
1

]
(9)

Then, the reflection coefficient and the absorption coefficient will be determined again by using the expres-
sions (7) and (8). The same assembly will be realized in the sample holder of the impedance tube. Between
the sample and the hard wall situates an air gap of 100 mm. Figure 11 presents the resulting reflection coeffi-
cient. In red, the real part of the reflection coefficient obtained from the transfer matrix is plotted against the
classical tube measurement in green. In dark blue, the imaginary part of the reflection coefficient obtained from
the transfer matrix is plotted against the classical tube measurement in light blue. Again, both plots show a
remarkable agreement.
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Figure 10. Comparison between the measured absorption coefficient of the sample in the impedance tube and
the predicted absorption coefficient from the transfer matrix of the sample measured in the transmission tube.
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Figure 11. Comparison between the measured reflection coefficient of the sample in the impedance tube and
the predicted reflection coefficient from the transfer matrix of the sample measured in the transmission tube in
real/imaginary parts.

Figure 12 presents the absorption coefficient. In red, the absorption coefficient obtained from the transfer matrix
is plotted against the classical tube measurement in green. Also these plots show a remarkable agreement.
These benchmarks prove that is possible to reconstruct reflection and absorption coefficients in several assem-
blies by manipulating transfer matrices of samples measured in this newly developed transmission tube.

4 CONCLUSIONS
A new method for determination four pole parameters by impedance measurements has been presented. The
sample is represented by a T-equivalent circuit of three impedances. These three impedances will be identified
from three impedance measurements with three different closing impedances. The measurements are conducted
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Figure 12. Comparison between the measured absorption coefficient of the sample in the impedance tube and
the predicted absorption coefficient from the transfer matrix of the sample measured in the transmission tube.

in such a way that the source impedance does not appear in the measurements. No prior calibrations of closing
impedances are required. It has become possible to collect material transfer matrices in a library, from which
reflection and absorption coefficients for several assemblies can be predicted.
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ABSTRACT 
Precision Agriculture makes use of quantitative measurements as input to sophisticated farm management 
software. For management of grazing animals, such as dairy cows, a key input is pasture biomass, so that 
pasture is not over-grazed nor have too much or too little application of fertilizer. Aside from destructively 
cutting, drying, and weighing the pasture, current measurement methods are slow and/or unreliable. We 
describe a new ultrasonic sensor which is compact and low-power, and which senses pasture properties 
remotely from a moving farm bike or UAV. The sensor comprises co-located log-spiral arrays of transmitters 
and receivers, giving high spatial resolution transverse to the propagation direction without excessive 
component counts. A pulsed, radar-like linear-FM chirp and matched filter gives high along-axis spatial 
resolution. With CLEAN image deconvolution, mm resolution is obtained through the pasture layer.  This 
methodology allows detailed profiles of pasture density to be obtained at rates of 100 profiles per second. We 
present results retrieved via modelling of the complex acoustic scattering occurring in the pasture layer. 
 
Keywords: sensor arrays, ultrasonic sensor, scattered sound, chirp pulse 

1. INTRODUCTION 
Modern farming is an intensive business in which optimization of resources through observation -

based farm management software is an important component of ‘precision agriculture’. For 
management of grazing animals such as dairy cows, the quantity of economic interest is the biomass, 
or the mass of ‘dry matter’ (DM) per unit area of ground, which is the mass of pasture per unit area 
when the pasture has been cut and dried. It is this dry matter which contains the food value for the 
livestock. Current methods for estimating biomass include: cutting, drying, and weighing; measuring 
the compressibility of pasture using a ‘rising plate meter’ (RP); measuring the depth of pasture using 
a ‘CDaX’ or ultrasonic sensor; and using multi-spectral satellite image data. Cutting, although an 
absolute measure, destroys the pasture. The biomass is 

  (1) 

where  is the bulk density and H is the depth of the pasture. The bulk density includes the empty 
space between grass blades. Underlying the use of pasture height H as a measure of biomass DM is 
the assumption  is constant for a range of farm pasture conditions. In practice, it is found that this 
is not true and the correlation between DM and H is not strong (1, 2). 

The use of an ultrasonic sensor mounted on a motorized farm bike or UAV and remotely sensing 
pasture properties is attractive because of potential low cost, low power, compactness, and the ability 
to both sense the depth of the pasture as well as pasture density information within the pasture layer. 
The backward scattered acoustic power, dP, from a depth dh is 

   (2) 
where P is the power incident on the area at depth h, and bs is the acoustic backscatter cross section 
area per unit volume, as in, for example, Hodges (3). An ultrasonic ranging system can potentially 
                                                        
1 inverse.acoustics@gmail.com 
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sense depth h as well as bs, a measure of pasture interception of sound, hence providing more 
information than height alone. This is the essence of the new ultrasonic remote sensing tool for 
precision agriculture (4). 

2. SENSORS AND RESOLUTION 

2.1 Choice of frequency 
Ultrasound is used for several reasons. There is very little background noise at high frequencies 

and short-wavelengths are reflected well from the thin grass blades. For example, Fricke et al. ( 5) 
used 180 kHz. However, such frequencies are strongly scattered by the pasture and do not penetrate 
well through to the ground, so the instrument can only measure the distance from the sensor to the 
pasture tops. The depth of pasture must be then found from another measurement of distance from 
sensor to the ground. This secondary measurement is typically based on the distance from sensor to 
ground when the farm bike or other platform is at rest. This is a potential source of error, since the 
platform will generally have a suspension system and the sensor-ground distance will vary. 

In general, scattering cross-sections depend on the size parameter, ka, where k is the wavenumber 
and a is a typical dimension of the scattering object.  A typical half-width of a blade of rye grass is a 
= 2 mm and for ka = 1, the frequency is 27 kHz. A common piezo-electric transducer operating 
frequency is 40 kHz for operating in air, so the decision was made to use ultrasonic frequencies 
between 20 kHz and 40 kHz. 

2.2 Sensor array design and lateral resolution 
The height above ground of the mounting on a farm bike is typically 800 mm and pasture can be 

200 mm deep. The range to the top of the pasture is then typically R = 600 mm. Using the far-field 
approximation, the diameter D of the sensor array should satisfy D2 ≤ cR/fmax where c is the sound 
speed and fmax is the maximum frequency transmitted. In practice we choose fmax = 35 kHz to avoid 
the transmitting element resonance at 40 kHz, and also D = 60 mm to better satisfy the far-field 
condition. 

In order to keep transmitted and received beam side-lobe levels low, a sparse spiral array of sensors 
is used. In figure 1, the transmitters are the square objects and the receiving microphones sense 
through the small holes which lie on the white spiral lines. The power consumption is sufficiently low 
that the instrument can be run from a smart phone for 24 hours.  

 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 

Figure 1 – The ultrasonic array. 
 
The resulting lateral resolution is equivalent to a half-power footprint of around 140 mm at a range 

of R = 780 mm, or a circular area of 0.06 m2. This is finer than the 0.1 m2 of the RP while providing 
reasonable averaging over multiple grass blades. 
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2.3 Chirp pulse design and vertical resolution 
The typical depth of rye grass pasture is 100 – 200 mm. A typical calibration equation for the 

Rising Plate Meter is DM (kg m-2) = 1.5x10-3 h (mm) + 0.05 where h is the pasture depth. For a mean 
DM = 0.2 kg m-2, a 10% error occurs if h is in error by 13 mm. This gives a rough guide of the required 
along-range (vertical) resolution (rough, because the correlation between pasture depth and biomass 
DM is not consistently strong). This is comparable to the wavelength at 35 kHz. The usual approach 
to obtaining high spatial resolution while maintaining high output power, is to use a coded pulse and 
a matched filter receiver (5). A commonly used coding is a linear FM chirp pulse where the frequency 
is linearly swept from f0 to f0+B over a time T. This provides a very distinctive echo signal which can 
be detected by correlation with the original transmitted signal. The result is a range resolution R = 
c/(2B), which depends only on bandwidth B and not on pulse duration T, hence allowing for longer 
pulses and transmitting greater power. We use f0 = 20 kHz and B = 15 kHz, giving an along-path range 
resolution of 11 mm. 

2.4 CLEAN deconvolution 
Since the shape of the matched filtered echo signal is well-known, the CLEAN deconvolution 

method can be used to identify ‘point’ scattering elements. The basic method is to find the highest 
peak intensity in the echo signal, multiply that by the matched f ilter sinc function, and subtract that 
from the echo time series. This is repeated until only noise remains. Each peak intensity identified is 
then considered to be the intensity from a point scatterer, resulting in a mm-scale along-path resolution. 

The difficulty with CLEAN is interpretation, giving the complex scattering environment of typical 
pasture (see figure 2). Grass blades extend obliquely through the scattering volume, with typically a 
number of blades present at any time. For this reason, we currently have not been using CLEAN in 
regressions to obtain DM. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 2 – The complex scattering matrix of typical pasture. 

2.5 Calibration 
The measured beam pattern for a target disk of radius a = 20 mm is shown in figure 3, together 

with the Airy diffraction pattern for a 60 mm diameter circular aperture (the diameter of the speaker 
and microphone arrays). This is a plot of the normalized square of the output voltage, together with 
the standard deviation from around 40 transmissions of a 20-35 kHz chirp. The central beam pattern 
closely follows the Airy pattern for a tonal 35 kHz signal.  

Measurements were made of echoes from a range of small disks, as shown in figure 4. Also shown 
is the echo from a 24.5 mm length trimmed from a 4.5 mm wide grass blade (equivalent area to a 
circular disk of radius 6 mm), and the theoretical backscatter from disks using the quoted sensitivities 
from speaker and microphone specifications together with the array beam pattern. The agreement 
between measurements and theory is very close. 
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Figure 3 – The measured beam pattern (black) and experimental variation (green) compared with 

theoretical disk diffraction at f0 (blue) and f0+B (magenta).  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 4 – Measured echo strength from small disks (blue dots) and a segment of a blade of grass 

(green dot). Also shown (red line) is the theoretical dependence, at the range of 780 mm. 

3. FIELD RESULTS 
Figure 5 shows some echo profiles with the ultrasonic pasture meter mounted at the front of a farm 

bike moving at 10 km h-1 (2.8 m s-1). The background noise in ranges above the pasture (above the 
solid green line), is low compared with the signals from within the pasture. Also, there is good 
penetration to the ground (the solid red line). Echoes at ranges further than the direct distance to the 
ground come from multiple reflections within the pasture layer. The pasture top is estimated by a 
simple signal threshold and the ground position from the highest signal peak.  While both methods 
work well much of the time, there are some failures. For pasture top, isolated high blades or stems 
can give a false impression of the real depth of the bulk pasture, whereas sometimes a pasture echo 
will masquerade as a ground echo. More complex algorithms have been developed, but are not 
discussed here. 

Figure 6 shows a 20 m section of a farm bike traverse at 15 m s-1, comparing DM obtained by 
cutting, drying and weighing, and the pasture depth estimated entirely from ultrasound. A simple linear 
regression between DM and depth H over a range of platform speeds up to 20 km h-1 gives a coefficient 
of determination of 0.65. This is high compared with other pasture DM estimation methods.  
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Figure 5 – A succession of echo profiles recorded (thin lines), together with estimated top of 
pasture (solid green line) and ground location (solid red line). 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 6 – Comparison between measured DM and acoustically-estimated pasture depth along a 

20 m horizontal traverse at 15 m s-1. 

4. CONCLUSIONS 
A compact and low-power remote sensing instrument has been designed to ultrasonically profile 

through pasture from a moving platform. The design has ensured that blades of grass are sensed and 
also that there is penetration to the ground. This allows the pasture layer to be identified independently 
of the instantaneous height of the sensor above ground. Information is obtained about the strength of 
scattering from within the pasture layer (but not discussed in detail here). Judicious design of the 
antenna gives a lateral spatial resolution appropriate to averaging over representative areas of pasture, 
while use of a linear FM chirp pulse gives along-path spatial resolution sufficient to determine pasture 
depth accurately. The design is confirmed by detailed calibration.  

Field measurements have been conducted at platform speeds up to 20 km h -1 (5.5 m s-1) which 
show good signal-to-noise performance. DM obtained by cutting, drying and weighing the pasture has 
been compared with the pasture depth estimated from the ultrasonic echoes. Linear regression gives 
a coefficient of determination (often written R2) greater than 0.65, which is higher than generally 
achieved with other methods of DM estimation. 
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Abstract
Python is a high-level programming language that has gained strength in the international community. This
mainly occurs due to its open-source nature, that is, any user is entitled to its use, whether for scientific, com-
mercial or hobby purposes. Another important feature is that Python is OS-independent. This means that no
matter which OS the code was written in, it can be run on any operating system. In addition, access to AD/DA
acquisition interfaces allows interaction with real systems for their estimation and control. These features
enable its use as a powerful signal processing tool, whether for acoustics or general purposes. The Federal Uni-
versity of Santa Maria (UFSM), in Brazil, has created a group of developers who are working cooperatively on
a toolbox for acoustic, audio and vibration signal processing. The project is named PyTTa, standing for Python
in Technical Acoustics. It is object-oriented programmed, enabling the easy use of variables, classes, and
functions. The collection of codes inside the toolbox creates an environment that facilitates acquisition/mea-
surement, pre/post-processing, I/O operation and plotting/documenting. This work is ongoing and relies on
collaborative effort to provide free access to information and work/research tools.

Keywords: Signal Processing, Toolbox, Computer Science, Acoustics.

1 INTRODUCTION
Aiming to create acoustics, audio, vibration and general signal processing tools, the Acoustical Engi-
neering Department, at the Federal University of Santa Maria (UFSM), in Brazil, has fostered a group
of developers who are working cooperatively on a toolbox. The project is named , standing for

(since Python [1] is the chosen programming language). ). PyTTa is
an ongoing research project that relies on collaborative efforts to provide free access to information and
work/research tools.
The collection of codes inside the toolbox creates an environment that facilitates the acquisition/measurement,
pre/post-processing, I/O operations and plotting/documenting. This work presents the ideas and developments
carried out during the first two years of the PyTTa project.

1.1 Motivation
Engineering pre- and/or post-processing tools typically rely on paid software. This yields the problem that enthu-
siasts and students may face costly situations to start studying/testing. Thus, looking forward to circumventing
this circumstance and motivated by the excellent experience of using ITA Toolbox [2] (written in Matlab),
students, professors and coders have started the collaborative work towards freeware and open source tools.

2 PYTHON
Python1 is an already established high-level programming language. It was published during the 1990s by
Guido van Rossum [4]. He released the first public version of the code in the forum alt.sources (this version

1Excerpt fom General Python FAQ [3]: “When he began implementing Python, Guido van Rossum was also reading the published scripts from
’Monty Python’s Flying Circus’, a BBC comedy series from the 1970s. Van Rossum thought he needed a name that was short, unique, and slightly
mysterious, so he decided to call the language Python”.
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was known as 0.9.0). Version 1.0 was released in 1994 and already in 1995 (version 1.4) [5] the language
won native support for complex numbers. In version 2.2, Python types and classes were unified under only one
hierarchy. This feature has enabled the Python object model to be consistently object-oriented. For comparison,
Python 3 has new syntax and keywords; fresh modules in the standard library; reliability improvements and
dozens of fixes that made it easier to develop high-quality software. Version 3.73 is the most recent, until the
closing of this paper.
Python is a free and open source language. That is, any user may use it for scientific, commercial or hobby
applications. It is classified as a scripting language2, i.e. it does not require the compilation step and is rather
interpreted. Another important point is that Python is platform independent. This means that whatever operating
system (OS) on which the code was written, it will probably run smoothly.
The language is commonly used for web applications, game development and database interface. Recently, it
has expanded to include scientific and statistical analysis. This has occurred due to a collaborative community
that develops and delivers new modules for these purposes. These modules are libraries with implemented
functions, which add features/resources to the user/programmer. Some notable ones are NumPy [6] (for data
manipulation of homogeneous vectors); Pandas [7] (for data manipulation of heterogeneous vectors), SciPy [8]
(for daily scientific applications), and Matplotlib [9] (for quality plots), among others.
Developed to be an easy-to-read language, the indentation is mandatory. Given that aspects and presenting an
easy syntax, it is considered as an easy learning language. It is used by universities, private companies and
computer coders. Furthermore, Python may be an excellent choice in order to learn about programming logic
[10].

2.1 Python Libraries
A huge collaborative community has arisen around the Python language. Developers and coders (who share
their creations) help to fix and optimize routines for other peers. This community is mostly connected by two
portals: Stack Overflow [11] and GitHub [12].
The community is also responsible for implementing a variety of Python tools. By being an object-oriented
programming language, it is quite accessible to create functions. The source codes of the libraries may be found
on the GitHub platform. According to the Wikipedia article [13]: “GitHub is a source code hosting platform with
version control using Git3”. It allows programmers or any user in the platform to contribute to private and/or
open source projects.
Libraries commonly used in signal processing4 are SciPy, NumPy, Matplotlib and SoundDevice/PortAudio [15].
To use a library, at first it must be imported. This is achieved by using the native Python command import.
When accomplishing this step, it is possible to assign any name someone would like to that library, as can be
observed in the example of Code 1.
The scipy library, according to its own site, “is a Python-based ecosystem of open-source software for mathematics,
science, and engineering” [8]. Some of the packages contained in the scipy library are numpy, matplotlib and
the signal module (used to create signals). The sounddevice [15] library provides links to the PortAudio [16]
library and some convenient functions for playing and registering numpy arrays containing audio signals.

Code 1: Example of Python programming.☛ ✟
>>> import numpy as np
>>> import scipy.signal as sig
>>> import sounddevice as sd
>>> x = sig.chirp(t, F[0], T, F[1], ’logarithmic’, phi=90)
>>> y = sd.playrec(xt, fs, input_mapping=[1], output_mapping=[1])✡ ✠
2.2 Object-Oriented Programming
As a scripted language, Python provides several sets of built-in functionalities that allow the developer to use a
paradigm that fits better on the code crafting. Since its birth, PyTTa has intended to provide a class that holds
all sorts of data about audio signals, thus it is written using the Object-Oriented Programming (OOP) paradigm.
The main advantages of this choice are the modularity and integration capabilities, making the code (once
written) available as a core (or a base) for future applications. The fundamentals of OOP are that everything is
an object, and each object is based on a class. Every information about the object is a class attribute and every
action it performs (or can be performed with) is a class method.

2For the record, all scripting languages are programming languages. For example, Matlab is also a scripting language.
3Git is a distributed version control system.
4For example, Impulse Response (IR) measurement [14] or Frequency Response Function (FRF), see Section 4.1.
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The attributes in a class can be other classes, indeed Python sees everything, even the numerical types as a
class instance. This is called a composition and it is the preferable way of combining different classes and their
attributes and methods. Another way of sharing them is inheriting a class, which consists of creating another
class, often called a subclass, that holds its superclass attributes and methods but can also have its own.
Inheritance brings to light another feature of the OOP, the polymorphism. Any class can have the same attributes
or methods, and they all can behave differently from class to class. A subclass can reimplement any method
provided by the superclass and can change the values of the attributes without affecting the superclass. Finally,
there is the encapsulation, which is to hide the actual data and provide only methods that either show or change
the data – in a way to check if the new data suits the role that attributes have within the class or the code.

3 PyTTa FEATURES
By now, PyTTa has several features and can be seen as a core package for measurement applications. It provides
ways to generate and handle audio signals for playback, recording, visualization and processing.
The codebase is separated into modules, python scripts, that were made as the code grew in lines. Thus they
are not perfectly designed to have information interchangeability, but everything created to date works. There
are four modules that compose the measurement core, and the fifth is the room acoustics application (under
development). They can be observed in Figure 1 and are presented in the following sections.

Figure 1. PyTTa Toolbox diagram showing modules and features.

3.1 Classes
Classes is the first module created. All the PyTTa classes are written in this file. They are:

• SignalObj;

• ChannelObj;

• ImpulsiveResponse;

• RecMeasure;

• PlayRecMeasure;

• FRFMeasure.

The SignalObj class is the main audio handler. It holds data on the discrete time amplitudes; discrete magni-
tudes and phases in the frequency domain; a list of active channels for audio acquisition (or reproduction) in
the form of ChannelObj (which holds information about each channel’s identification, calibration factor and
units). The ImpulsiveResponse is a container class that holds three SignalObj, one for the excitation audio,
one for the recorded audios and the third for the processed impulsive responses (IRs).
On the measurement side, the classes’ roles are identified by their names. The RecMeasure class is used for
record-only purposes. Both the PlayRecMeasure and the FRFMeasure are used for playback and record. The
main difference is that the FRFMeasure is being developed to return ImpulsiveResponse objects, assuming that
the out/in relation will be analyzed.
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3.2 Properties
Every PyTTa class has several attributes that are used for measurement or signal configuration. The package
comes with a set of default values that are held by the Default class (which is inside the properties module).
These parameters are passed down to every function that needs some sort of PyTTa-like object parameters.
They range from sampling rate to the number of channels, to commentaries about the audios or measurements.

3.3 Generate
This module provides user-end functions that are fully default parameterized to return pre-configured signals
and measurements (setup to run out of the box). There are two principle types of functions inside the module:
a group of signal generators and a unique measurement generator. The signal generators are named after the
signals they generate (e.g., sweep, impulse, noise). The measurement generator is named measurement and a
parameter is passed down to choose which of the measure classes will be used.

3.4 Functions
The functions module has several utility functions like merging N signal objects (SignalObj) of M channels
into one (containing the total number of channels); estimating the delay between two signals; finding the signal’s
peak time from each channel; listing available audio I/O5 devices; export and import audio files; resampling;
correlation and convolution.

3.5 Rooms
This is the latest addition and is still under development. The module is being designed to provide a bundle
of room acoustic parameters like reverberation time, center time, clarity, definition, interaural cross-correlation,
speech transmission index and many others. This module will also be the first application of the package.

4 Application in Acoustics, Audio, Vibration and Signal Processing
As expected for an open-source toolbox, PyTTa may have in the future new collaborators who will introduce
features based upon their needs. The basic measurement types implemented up to this point open possibilities
for more specific data acquisition. From the fundamental task of measuring Frequency Response Functions
(FRFs) some applications can be developed, such as sound reinforcement systems or headphones evaluation
in the audio field; the response of vibrating structures (if accelerometers are employed) and/or parameters for
room acoustics.

4.1 Script Example: Frequency Response Function (FRF)
An example of a simple FRF measurement is shown in Code 2. First the data is acquired by the FRFMeasure
class run method, then it returns an ImpulsiveResponse class object with the calculated impulse response (IR).
Time and frequency domain plots can be easily extracted from the object, per Figure 2.

Code 2: Example of a PyTTa FRF measurement.☛ ✟
import pytta
fs = 44100
sweep = pytta.generate.sweep(freqMin=20,freqMax=20000,samplingRate=fs,

fftDegree=18,startMargin=0.15,stopMargin=0.8,
method=’logarithmic’,windowing=’hann’)

ms = pytta.generate.measurement(kind=’frf’,excitation=sweep ,samplingRate=fs,
freqMin=20,freqMax=20000,device=[0,1],
inChannel=[1,2],outChannel=[2,3],
comment=’Example FRF measurement’)

m1 = ms.run()
m1.plot_freq(smooth=True)✡ ✠

5I/O: input and output.
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Figure 2. Frequency Response Function (FRF) between a loudspeaker and a microphone, including a loopback
between input and output.

4.2 Acquisition and post-processing comparison
To validate the core features, some tests were carried out. One of the most recent results, intended to validate
the calculation of transfer-functions by statistical methods, is presented in the Figure 3.

(a) Test bench
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(b) FRF: PyTTa vs. ITA Toolbox

Figure 3. Testing audio acquisition and processing using PyTTa vs. ITA on muffler insertion loss test bench.

The test was performed using a test bench for insertion loss. The tested object is a reference tube approximately
42 cm long. The microphone that the yellow arrow points to (see Figure 3 (a)) is placed into an opening at the
beginning of the tube (closer to the sound source and linked to the first channel of the audio I/O device). The
microphone that the pink arrow points to (see Figure 3 (a)) is aiming to the center point of the tube outlet
(and is linked to the second channel of the audio I/O device).
The evaluation of the tube transfer-function is the ratio between microphone at channel 2 over microphone at
channel 1. Two data sets were acquired, one using ITA Toolbox via Matlab, and another using PyTTa via
Anaconda Python. The data post- processing was accomplished with Matlab and Python for both acquisitions.
Figure 3 (b) depicts only the comparison between the ITA Toolbox measurement and the PyTTa measurement,
both processed, in this case6, by PyTTa ImpulsiveResponse class, using the H1 statistical method – as proposed
by Shin and Hammond [17]. One notices that the differences are quite small, even considering a statistical
method and for different measurements.

6The data measured by ITA Toolbox was imported to PyTTa.
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5 STARTING TO USE PyTTa
To begin, the authors recommend installing Anaconda [18], a Python distribution with important packages
included such as NumPy, SciPy, and Matplotlib. It also includes other Python applications, like the Spyder IDE
[19], per Figure 4. The PyTTa dependencies must be accordingly installed. They are NumPy, SciPy, Matplotlib,
Sounddevice and Pyfilterbank.
The toolbox source code can be cloned from GitHub. For this task, the repository path may be included in
the PYTHONPATH environment variable. Alternatively, it can be installed via pip [20] – a package installer for
Python. To install from GitHub Code 3 must be followed.

Code 3: Installing PyTTa from GitHub with pip package.☛ ✟
pip install git+https://www.github.com/pyttamaster/pytta@master✡ ✠
To begin, one can try:☛ ✟
import pytta
pytta.list_devices()
pytta.default()✡ ✠
This set of commands will print the available audio I/O devices (such as sound cards) and the default parameters
(as they are in the default class object).
To read everything present inside the package, assuming the use of Spyder IDE (see Figure 4), the user can
press ctrl+i with the cursor in front of the module, submodule, class, methods or function names (see Code 4
below). This action will open the help menu with the documentation for the respective item.

Code 4: PyTTA installed package.☛ ✟
pytta|
pytta.properties|
pytta.generate|
pytta.functions|
pytta.classes|✡ ✠
The “ | ” sign represents the cursor position to press ctrl+i in order to use the Spyder help widget. Inside
each submodule the user will find instructions on the available tools, and how to access them.

Figure 4. PyTTa usage example into Spyder IDE.
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6 OPEN SCIENCE
PyTTA is being developed under an open-source concept and in a collaborative manner. The goal is to encourage
people to get in touch with science by welcoming users and developers. As a counterpart, PyTTA offers the
opportunity to engage in a project developed by the scientific community, integrating students, professionals,
professors and enthusiasts. As a global project, it is gathering researchers and acousticians around the world.
The tool is free of use. As the concept of open-source software states, the right to use and to distribute for any
purpose is granted. It will be available as a customizable tool to attend the needs of researchers and consultants
in vibration and acoustics, mainly.
Integrating the curiosity of developers and researchers with the demands of professional consultants, the platform
aims to absorb diverse functionalities beyond the initial step given until now (as an acquisition and processing
tool). As a Federal University product, it fulfills its pedagogical and civic duty, providing an accessible tool for
the development of acoustic science.

6.1 Getting Involved
PyTTa is stored in GitHub and therefore, for everyone willing to contribute, it is important to be familiar with
this platform. The user can find PyTTa Master at GitHub accessing the link [21] in order to clone the module
and start to use and collaborate. Some knowledge in programming, acoustics, interest in audio, engineering and
open platforms is expected. For questions and feedback, contact the project at pytta@eac.ufsm.br or via GitHub.

7 CONCLUSIONS
PyTTa is a collaborative effort and a tool under development to aid acousticians to measure, achieve results,
do analyze and find solutions with a trusted, easy to run, community software capable of expansion and
customization. Every class, module and application is in constant improvement to be more user and developer
friendly. A long journey to walk alone, the engagement of users on helping to improve and create more tools
is essential for the continuity of the work.
The next steps to be followed are the development of the room acoustics module (and application), an envi-
ronmental noise application, a loudspeaker alignment application, and the means to provide an auralization
application. An end-user application that can be setup and started using a graphical user interface (GUI),
returning fully processed data and real-time monitoring is also in development. In addition, a full documentation
covering all the end user functionalities and a reference guide for developers is projected. All this development
is based upon the research group at the Federal University of Santa Maria, but also includes and seeks further
community contribution and user feedback.
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Abstract
Maximising the signal to noise ratio while considering ergonomics and aesthetics is the key design challenge for
modern stethoscopes. In order to optimise the design, there is a need for a well-validated model for the transfer
function from a source within the chest to the output signal obtained. Most variants of the stethoscope are air-
coupled sensors. Here we propose a new theory for the acoustics of this type of sensor, which takes into account
the coupling between the sensor and the human chest. We have conducted rigorous experiments to characterise
the transfer function of the chest-stethoscope system and have investigated the effects of key design parameters.
Our data confirms traditional findings on the effects of bell geometry and diaphragm usage, but also highlights
the importance of the coupling between the sensor and the chest, and reveals features of the transfer function
that are not captured by existing models. Our model employs a transmission matrix formulation and discretises
the system into lumped element components. It can be used to inform design choices for acoustic, electronic
and dual-mode stethoscopes, opening up the possibility of an optimum design that maximises the signal to noise
ratio for a desired application.

Keywords: Stethoscope, Lumped-Element, Coupling

1 INTRODUCTION
It has long been known that biological sounds from the heart and lungs convey useful diagnostic information.
The initial stethoscope, invented just over 200 years ago by the French physician René Laennec, was a simple
cylinder in which the enclosed air coupled the chest to the ears of the physician. Over two hundred years later,
air-coupled sensors are still the predominant method of listening to and recording body sounds.

Despite their ubiquitous use, there is no simple or standardised way to compare stethoscopes or evaluate new
designs. This is largely due to the fact that an evaluation of the standalone acoustic properties of the stetho-
scope (as performed e.g. by Abella et al. [1]) is insufficient in assessing its performance when coupled to the
human body. This is because the application of a stethoscope modifies the vibration of the chest surface.

Over the years many researchers have carried out experiments to compare sets of stethoscopes [1] [2]. Un-
fortunately is is difficult to compare results across studies because the properties of the coupling between the
sensor and the chest are difficult to control and quantify. One approach has been to carry out experiments using
the sensors directly on human subjects [2] [3]. The issue here is that there is no way to accurately control
the input signal, or for other researchers to replicate the exact physical properties of the test subject. Another
approach is to use an experimental rig built to mimic the human chest (commonly referred to as a ‘phantom’
[4] ). In this case it is possible to measure an input signal (although it is still fairly arbitrary as to how and
where this should be defined). Kraman et al. [5] and Mansy et al. [4] have both carried out extensive research
on optimising the design of chest phantoms, however neither group’s testing system has been adopted by the
wider research community.
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Nowak and Nowak [3] argue that any attempt to use a phantom in testing stethoscopes will fail to accurately
replicate the stethoscope’s use in a diagnostic situation. Their preferred approach is to collect data on a large
number of human subjects and use statistical methods to account for variations in input signal.

Beyond experimental comparisons between stethoscopes, it is of interest to develop a physical understanding of
how these systems work. Perhaps the most complete attempt at discussing the physics of air-coupled sensors
can be found in the chapter on “Sensing by Acoustic Biosignals” by Kaniusas [6]. Kaniusas makes extensive
use of early research by Ertel [7] and others to discuss the resonant properties of various sub-systems of the
coupled chest-sensor system. In doing so it is possible to make qualitative statements about how changes in
design parameters may affect the overall response. However, a combined model for the coupled system is not
presented.

The most complete attempts to model the coupled chest-sensor system come from Wodicka et al. [8] and
Suzuki and Nakayama [9]. These models are for air-coupled sensors - essentially stethoscope chestpieces with a
microphone attached in place of the tubing used in acoustic stethoscopes. Wodicka et al. [8] present an acoustic
impedance analogy circuit for the combined system using a simple series model for the chest impedance, a two-
port model for the air cavity and a series-impedance model for the microphone end load. Their model fulfils
its aim of matching the experimentally observed trend due to the variation of one design parameter. However,
it does not capture all of the essential features of the coupled system and does not lead to a validated theory
for the acoustics of the chest-stethoscope system. Suzuki and Nakayama [9] present two (conflicting) models,
both of which are able to match different observed trends, but neither of which paint an accurate picture of the
physics of the system.

In this paper we present an approach to modelling the complete coupled system by carefully taking into account
the coupling between the chest, the body of the sensor and the cavity. The model is validated by a systematic
set of experiments, leading to a new theory for the acoustics of the stethoscope.

2 METHODS - EXPERIMENTS

Figure 1. Schematic of ‘chest rig’ and detail of an air-coupled sensor.

A ‘chest phantom’ was designed and built in the style of those commonly used in the literature [5][4]. A
schematic for the setup is shown in Figure 1. A silicon rubber (EcoflexTM - density 1.07 kg/l and elastic mod-
ulus 69 kPa) was used to replicate the viscoelastic properties of chest tissue. The silicon rubber was cast in
a cylindrical perspex tube with an inner diameter of 90 mm. Two rigid plates were embedded in the silicon
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rubber. The first plate, at the base of the phantom, was connected to the shaker while the second plate was
embedded at an intermediate depth. A piezoelectric accelerometer (PCB M353B15) was attached to the second
plate to obtain a reference input signal for computing the air-coupled sensor response.

Stethoscope chest pieces were 3D-printed in Objet VeroWhitePlus RGD835 on an Objet24 3D printer to a va-
riety of geometric specifications to allow the effect of various design parameters on the acoustic response to
be investigated. The sensor cavity was terminated by a 1/4 inch microphone (G.R.A.S. 46BL) in each case. A
range of masses were applied to the sensor to mimic differences in application pressure. The combined mass
of the sensor, microphone and load mass was measured in each case.

An NI cDAQ-9174 chassis with an NI 9234 input module and an NI 9263 output module were used for data
acquisition, with MATLAB used as the interface software. The input signal used was a series of chirps over
the desired frequency range (5 Hz to 2500 Hz). Signal to noise ratio was high, and averaging over many Fast
Fourier Transforms gave smooth (Cross-) Power Spectral Density estimates with minimal noise.

3 METHODS - MODEL
The highest frequency of interest in auscultation is debated but is typically below 3 kHz for most applications
[7]. At these frequencies the wavelength of sound (in both the chest tissue and the air cavity) is much larger
than the spatial dimensions of the sensor (excluding tubing). Therefore, a lumped element formulation can
be used [8]. Two models are presented in this paper. The first is for an ‘air-coupled microphone’ which
is a microphone coupled to the chest via a small air cavity. The second model is for a traditional acoustic
stethoscope - again the chest is coupled to a small air cavity, but in this case the cavity is connected to tubing
and the ears of the clinician.

3.1 Air-Coupled Microphone Sensor
A model for the air-coupled microphone (see Figure 1) needs to encompass the constitutive properties of the
underlying material, the interaction between the rim of the sensor and the material, the motion of the material
surface within the cavity and the effect of the compliance of the air cavity.

Kaniusas [6] suggests that the chest surface within the bell acts as a ‘natural diaphragm’ vibrating in its first
mode, which is pre-stressed by the static load from the sensor. However, the assumption that surface tension
plays the dominant role in dictating the behaviour of the chest surface within the cavity is not necessarily valid.
It is, however, possible to reduce the relation between the rim motion and the interior free surface to a single
degree of freedom lumped element model, provided there is only one dominant mode in the frequency range of
interest.

Figure 2 shows a simplified mechanical model for the chest-sensor system. In this model x1 represents an
internal displacement (defined at a chosen depth) while x2 represents the average displacement of the skin
surface within the bell. x2 is linked to x1 by a constitutive model for the chest medium. For the constitutive
model of the chest an inerter (see Smith [10]) is used in parallel with a standard Kelvin-Voigt model to account
for kinetic energy of the chest - which will be largely associated with out-of-plane vibration of the medium
(due to low compressibility).
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Figure 2. Air-coupled sensor schematic with displacements defined, and a lumped element model for chest-
sensor system. Dashpots in parallel with springs have been omitted from the schematic for ease of interpretation
but should be included in the analysis.

The displacement of the sensor (mass ms) is represented by x3. The skin surface moves with the sensor at the
rim, while the surface within the cavity is linked to this motion by the stiffness of the material. In the lumped
element model this is represented by the term km. The skin surface and the sensor are further related by the
stiffness of the air-cavity (ka). The small size of the cavity with respect to the wavelength of interest means
that it can be assumed to be at uniform pressure. The mechanical stiffness of the cavity can thus be calculated
as:

ka = ρc2
0 A2

c /V (1)

where Ac is the contact area between the cavity and the ‘skin’, ρ is the density of air, c2
0 is the speed of

sound in the cavity and V is the volume of the cavity. Note that at the frequencies of interest it is a fairly
good assumption that the microphone can be taken as an infinite impedance, and a ‘perfect’ measurement of
the pressure within the chamber.

The discrete system in Figure 2 can be modelled in matrix form by assuming time-harmonic motion and exci-
tation in the usual manner. This leads to:

Ax = f (2)

where A is a 3×3 matrix capturing the mass, stiffness and damping terms, x is a vector of the displacements
and f is a vector of the corresponding forces. For the freely vibrating system, the only term in f is the input
force f1 applied at x1. The matrix equation can be solved to express x2 − x3 in terms of ẍ1 or f1 as required.
The pressure in the cavity is then given by:

pcavity = ka(x2 − x3) / Ac (3)

where it should be noted that x2 is the displacement of the chest surface averaged over the cavity, such that
Ac(x2 − x3) is a change in cavity volume.

3.2 Stethoscope
In order to extend the analysis to include acoustical elements, such as the tubing of the stethoscope, an acoustic
impedance electrical analogy circuit can be formulated (see e.g. Beranek and Mellow [11]).
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Figure 3. Mechanical impedance analogy for the chest sensor system, coupled to the acoustical impedance
analogy circuit for the cavity by a transformer with area ratio Ac. Note that v1 = ẋ1.

The left side of Figure 3 shows a mechanical impedance analogy equivalent circuit of the lumped element
model in Figure 2. By using a transformer to represent the interface between the mechanical and acoustical
systems it is possible to then add further acoustical elements to the equivalent circuit as shown on the right
side of Figure 3.

The length of the tubing in an acoustic stethoscope means that it does not satisfy the condition for lumped
element analysis, and thus it must be included as a transmission line in the equivalent circuit. This is shown
in Figure 4 which also has the mechanical terms brought to the acoustical side of the transformer by applying
the appropriate scaling factors. The entire circuit is now an acoustical impedance analogy circuit with pressure
as the ‘voltage’ and volume velocity as the ‘current’. The end load in Figure 4 is an open circuit. In the
impedance analogy an open circuit represents a rigid (infinite impedance) termination which is a reasonable
approximation given that the impedance of the microphone is very high compared to the other elements in
the system. To investigate instead the case where the end load is a human ear a standard ear model can be
employed - see e.g. Voss et al. [12].

Figure 4. Acoustical impedance analogy equivalent circuit for the complete chest-sensor system including tubing.

A transmission matrix formulation can be employed to link the pressure at the microphone to the pressure and
volume velocity terms at the input (see e.g. Beranek and Mellow [11]). For validation against the experimental
data obtained in this study the response of the microphone pressure with respect to ẍ1 is computed using
MATLAB (R2018b).
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4 RESULTS
Figure 5 shows the experimental frequency response function (FRF) for the pressure in the cavity with respect to
the acceleration of the embedded base plate within the phantom rig. Several interesting features can be observed
in the experimental FRF. There is a low frequency resonance at around 40 Hz, followed by a -40 dB/decade roll
off. There is then an anti-resonance at around 400 Hz, followed by a jump in magnitude and a subsequent
further region of -40 dB/decade roll off. The jump in response after the anti-resonance is characteristic of a
mass shedding effect. These features are of course specific to the rig-sensor combination used, by setting the
component values in the model to match this scenario the modelling approach can be validated.

Figure 5. Frequency response function of microphone pressure with respect to base acceleration for an air-
coupled microphone with a contact area of 200 mm2, a cavity volume of 1200 mm2 and a combined sensor mass
of 215 g. Spectrum averaged over 1240 FFTs with a Hann window, 50% overlap and a frequency resolution of
1.6 Hz. Magnitude is expressed in decibels relative to 1 Pa/ms−2.

Figure 6 shows a simulation of the FRF for the same sensor geometry and load mass which was computed using
the model described in this paper. Model parameters were estimated for the phantom rig. The fit between the
experimental data and the model is good, however, there are discrepancies in the exact shape of the response.
These discrepancies arise from two main sources: the estimation of parameter values for the constitutive model
of the phantom rig was fairly crude, and furthermore, a lumped element model can never fully describe the
behaviour of a continuous system. At higher frequencies (beyond those shown here) higher order modes of the
physical system come into play and significantly complicate the response. As the range of frequencies used
in auscultation is fairly low this does not impact the validity of the model. In the frequency range shown
the model captures the low frequency resonance, the gradual drop-off and the anti-resonance observed in the
experimental response. Further to capturing features of the response, the model also accurately predicts the
effect of changing cavity volume and contact area, thus providing further validation.
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Figure 6. Model Simulation of the frequency response function for cavity pressure (pcavity) with respect to base
acceleration (ẍ1) for an air-coupled microphone with the same dimensions and loading as in Figure 5.

The model allows a range of parametric studies to be carried out far more efficiently than by experiments,
allowing a wide design space to be explored. It is found that increasing cavity volume lowers the amplitude
response, while increasing cavity area increases the response amplitude. Both changes also shift the resonances
of the system. Using the acoustical impedance analogy equivalent circuit it is also possible to study the effect
of tubing. In general tubing significantly decreases the baseline response (especially at low frequencies) and
adds several standing-wave peaks within the frequency range of interest for auscultation. The result is that the
frequency profile of lung sounds heard by a physician using an acoustic stethoscope can be very different to
that measured at the chest.

5 CONCLUSIONS
We have introduced a new approach to modelling the stethoscope motivated by a careful consideration of the
mechanical and acoustical coupling between the chest and the sensor. We have validated our model against a
systematic set of experiments carried out on a ‘phantom-rig’. The model was able to capture the key features
of the frequency response, but further work is needed to adapt the model to the human chest and re-validate it
in this setting.

Plotting the response of cavity pressure to the acceleration at a defined depth within the phantom rig is useful
for comparison with experimental results, however, as there is no single origin for biological chest sounds, the
frequency response to excitation at a single fixed point within the chest is not ultimately the quantity of interest.

It is more interesting to consider how the stethoscope responds to vibrations that have reached the chest surface.
The issue here is that the loading of the stethoscope affects the amplitude and properties of the vibrations at
the surface. As such, a general reference that is independent of loading is required. There are two options
here. One is to use the unloaded ‘free-surface’ vibration, and the other (suggested by Suzuki [9]) is to use the
‘stop-surface’ pressure. Neither of these can be easily measured experimentally. However, when using a vali-
dated acoustical impedance analogy equivalent circuit it is straightforward to compute the sensor response as a
function of one of these references, thus opening up the possibility of a more objective method of classifying
sensor performance.

While previous work in the literature has already provided simple models for many of the trends observed
between design parameters and acoustic response, this paper goes a step further by introducing a methodology
for modelling the complete system, which is not only able to capture these trends independently, but can also
provide quantitative predictions and be used to compare designs with several design parameters varied. This
allows the model to be used for design optimisation which is an area for future work. In order to optimise the
design of an acoustic stethoscope it is further necessary to consider the characteristics of the biological sounds
of interest, external noise sources and the selective hearing of the human user.
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Abstract
Some closed-circuit television (CCTV) systems do not have microphones. As a result, sound intensity infor-
mation is not available in such systems. We present a method to generate traffic noise intensity estimates using
solely video frames as input data. To that end, we trained a fully connected layer on top of VGG16 (pretrained
with ImageNet) using a dataset that was automatically generated by a single camera with a mono microphone
pointing at a busy traffic crossroad with cars, trucks, and motorbikes. For neural network training from that
dataset, color images are used as neural network inputs, and true average noise intensities are used as neural net-
work targets. The trained neural network successfully tracked trending noise intensities with correlation 0.594
despite their blindness to the data temporal properties. These results suggest that average noise intensity targets
are sufficient for convolutional neural networks to detect noise generating sources within a traffic scene.
Keywords: Convolutional neural network, Traffic noise intensity, Non-linear regression, Non-linear pre-
diction

1 INTRODUCTION
Noise pollution in known to have negative non-auditory effects [1]. Annoyance, health issues and learning
disabilities are associated with constant exposure to high noise intensity [1]. A study [2] conducted in Berlin
with 1881 patients and 2234 controls showed 1.3 times the odds of myocardial infarction in men subject to
70 dB(A) (A-weighted dB) compared to men exposed to 60 dB(A) or less. The study also demonstrated that
men that lived in the area with noise intensity 70 dB(A) or higher for over 10 years presented 1.8 times the
probability of myocardial infarction. A review [3] of several studies concluded that environmental noise had
significant effects on academic performance of kindergartners and children at early school years. Since noise
has an impact over daily life, health and intellectual development, monitoring noise intensity is a sensible action
for urban environment improvement.
Aircraft, traffic and industry are usual noise sources. Traffic in particular is ubiquitous and its monitoring is
already in place in the form of closed-circuit television. However some legislatures, for example California law
[4], prohibits audio recordings without two party consent. As a result, several closed-circuit television cameras
either do not contain a microphone or have it disabled. To be able to monitor noise when microphones are not
always available we present a method to estimate noise intensity from video data (more specifically, still images
without audio) only.
For that, we constructed a dataset based on a set of video sequences. This dataset contains still images (i.e.
frames) and their respective average noise intensity levels. Frames are fed to a model whose parameters are op-
timized to minimize error between the model outputs and true noise levels. Since convolutional neural networks
(CNNs) are currently the edge-performance models in image classification, segmentation, localization and other
computer vision problems [5, 6, 7, 8, 9], they were selected for this task. Particularly we use the convolutional
part of a pretrained model as a feature extractor, and train a fully connected (FC) network on its top. After
training, the model should approximate average sound intensities from unseen frame inputs. We also train a
second network to predict average sound intensity, and then use a visualization technique to evaluate whether
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Figure 1. Sample frames from videos 1, 3 and 6.

the network detects noise-generating sources.

2 DATASET
Ten videos were created from a camera with a mono microphone pointing towards a busy crossroad. We
downsampled the RGB videos from the original 720× 480 resolution to 240× 240 and extracted their audio
information into wave files. From that, at each time t we define a pair of related objects: the input frame
Ft ∈ IR240×240×3 and the average sound intensity St ∈ IR. We define St as:

St = ln

(
1
M

t+t f

∑
k=t−tb

I2
k

)
, (1)

where Ik is the value of an audio sample from the respective wave file at time k. Parameters tb and t f are
respectively the backward and forward times considered for St . The number of samples Ik between time instants
(t− tb) and (t + t f ) is M. The camera microphone was not calibrated so noise intensity levels are not in dB.
For neural network training and validation, we selected four videos: three videos for training and one video for
validation. In the training set, two videos were from a daylight traffic scene and one video was from a night-
time traffic scene. Values for tb and t f were set to 300 ms. The validation set consisted of frames from a single
night-time video. Frames were sampled once every second, which yields 1183, 1242, 1325 and 1280 frames
from each video respectively. Daylight St sample sequences are clearly different from night-time St sample
sequences: daylight St values range from 12 to 17, and night-time St values range from 10 to 16. In order to
be applied to video sequences shot at different locations, the models trained on the previously described dataset
might require the application of different output offset values. Without any further visual clue, sound intensity
averages change from one particular environment to another one.
Challenges in this dataset include label noise from extraneous audio sources with no corresponding object in
the video. For example, at times buses might break outside of the crossroad frame, which causes a peak in
the St sample sequence without the presence of the bus itself in the image. Also, cars occasionally accelerate
abruptly, and loud skid noise is heard without significant change in the video frame. Another issue arises from
human voices from people near the microphone but not present in the screen itself. These problems were not
observed to be common enough to significantly impair neural network training.

3 VGG16 AND TRAINING
The VGG16 neural network [10] is known for winning of the localization challange, and attaining second
place in the classification challenge at the ImageNet contest of 2014 [11]. Its convolutional structure contains
approximately 14 million parameters and, the fully connected (FC) top layers contain 124 million parameters.
To build our model, we use the VGG16 convolutional part as a feature extractor by removing the top FC layer;
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Figure 2. FC-512-128-1 with validation error 1.167 and initial learning rate: 0.01

that reduced the overall parameter count by nearly 90%. We then add a global average pooling (GAP) [12]
layer at the end of the last convolutional layer, and cascade it with a two-layer FC network: the first layer has
512 inputs and 128 neurons, and the output layer has a single linear neuron. The total parameter count for these
layers is 65793. We refer to this network as FC-512-128-1. Replacing the top layer for GAP+FC was shown
[13] to cause small decrease in classification performance with the benefit of much better parameter efficiency.
This VGG16 was pretrained with a pre-processing that subtracts channels R, G and B by 103.939, 116.779,
123.68 respectively. However we followed the pretraining described in [14]. This pretraining first computes
the mean and the standard deviation for each image channel with the entire training data. Then each image
channel is subtracted by its respective mean and divided by its respective standard deviation. Adam optimizer
[15] was used to minimize the mean squared error (MSE) between the network output and the target St . For a
minibatch with size N, l(θ) = ∑

N
t=1

|| f (Ft ,θ)−St ||2
N is the loss function to be minimized, where θ represents the FC

parameters and f is the complete neural network. The convolutional layer parameters were not trained. Every
single frame Ft was associated with a single St value, and the (Ft ,St) pairs were randomized during training, so
no temporal information is used in neural network training. FC-512-128-1 was trained for 70 epochs with initial
learning rate of 0.01, which was scheduled to be multiplied by 0.3 at epochs 30 and 50. These hyperparameters
were chosen from a pool of candidates. Three initial learning rates were tested: 0.1 , 0.01 and 0.001. For each
of these, two optimizers were tried: Adam and SGD. For each combination the previous hyperparameters, a
GAP layer was either omitted or added. And for all combinations of the mentioned, a hidden layer with 128
neurons was either omitted or added to the last FC layer. After training models with these settings, we selected
those with lower validation error. For example, Figures 2 and 3 show predictions of the model FC-512-128-1
with two different settings: the first had an initial learning rate of 0.01 and the second an initial learning rate
of 0.001 respectively.

3.1 Noise source detection
A second network was trained with the purpose of identifying the noise source. We refer to source detection
network as FC-512-1. In a way similar to what was done for FC-512-128-1, the FC-512-1 network was also
trained to predict St values by minimizing MSE between the network outputs and the true St values. Also as
in the FC-512-128-1 case, the original FC layers from VGG16 network were replaced by GAP+FC. This new
network was trained in the same setting as FC-512-128-1. The main difference is that the FC network added
after the GAP is a single FC layer, i.e. a single neuron with 512 inputs. This allows the application of class
activation maps (CAM) [13] for the visualization of image regions responsible for the prediction. In spite of this
not being a classification task, the same principle holds: large network outputs should be associated with large
values in the CAM. This FC network has 512 inputs and a single output, for a total of 513 added parameters.
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Figure 3. FC-512-128-1 with validation error 1.188 and initial learning rate: 0.001
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Figure 4. Training and validation FC-512-128-1 log loss curves. Validation error oscillated during the first
epochs and then stalled until the first learning rate reduction at epoch 30.

The last convolutional layer of VGG16 yields 512 7× 7 feature maps, which constrains object detection reso-
lution to that 7× 7 grid. To visualize the CAM, we upsample the 7× 7 grid to 240x240 by nearest neighbor
interpolation, and replace the green channel of the crossroad frame with the CAM. We observed that some
portions of the CAM remained fixed for several consecutive frames. These fixed values had a large magnitude
compared to CAM variations that define the detected object which made the changes in the green channel too
subtle to be visualized. So we first subtract that average CAM (AC) offset then apply a gain α in the green
channel to magnify the CAM variations. We compute an online 7×7 AC by:

AC[n] = AC[n−1]λ +C[n−1](1−λ ) (2)

DC[n] = α(C[n]−AC[n]) (3)

where C[n] ∈ IR7×7 is the CAM at frame n, AC[n] ∈ IR7×7 is the AC at frame n, DC[n] ∈ IR7×7 is the displayed
CAM at frame n, λ ∈ (0,1) and α ∈ IR. The closer λ is to 1, the longer the effective sample sequence that
is taken into account for CAM averaging. We selected λ = 0.95 and α = 10 . For noise source detection we

5002



3800 4000 4200 4400 4600 4800 5000
Frame

10

11

12

13

14

15

16

17

No
ise

 in
te
ns
ity

True St

Predicted St

Figure 5. FC-512-128-1 validation set targets and respective outputs (predictions). The St values at frames 4800
and 4860 are largely missed by the network. The corresponding video shows an event in which a bus breaks,
which happens outside of the camera view, creates the spike at 4800, then a motorbike skids at 4860, and that
causes the second spike at that time. As expected, it was not possible to correctly infer St values in those cases,
because the associated objects are not present in the image.

do use temporal information to filter the CAM, however this method only requires frames and no online audio
data.

4 RESULTS
The training achieved a minimum validation MSE of 1.167 (Figure 4). The network predicted average noise
intensity with correlation 0.594. It was capable of following trending St samples. The network had worse per-
formance during low signal intensity intervals. It is possible that in spite of the significant differences between
the real St and the network prediction during low noise intensity intervals (Figure 5, frames 3880 to 3940,
among other intervals) the image had no recognizable noise generating objects throughout these intervals. Fig-
ure 5 shows that in spite of label noise, the network learned correct maps between visual objects and salient St
values: although peaks appear in the true St at frame 4860, peaks are not present at the network output because
of the nonexistence of potential audio sources in the image at these times.

4.1 Noise source detection
FC-512-1 achieved a minimum validation MSE of 1.181 (Figure 6). The network predicted average noise inten-
sities with correlation 0.597. Its St predictions are very similar to that of FC-512-128-1 in spite of higher MSE.
Figure 8 displays noise source detection results with some frames from video 8, which was used for validation.
Green spots indicate pixel locations from which St values originate. The brighter the spot, the higher the noise
the neural network predicts from that location. These results show that the network not only associates objects
to St values to be able to predict noise intensity, but it also detects the noise source within the frame.
Overall, FC-512-128-1 and FC-512-1 achieved similar results in predicting St values, in spite of the lower
complexity of FC-512-1. This indicates that for this number of training samples the model does not require
an extra FC layer to learn the relationship between Ft and St . In this situation, FC-512-1 seemed a better
solution to predict St values since it not only achieves similar performance to FC-512-128-1, but also allows
visualization of the relevant image regions. Moreover, minimization of MSE for a model that is a single neuron
(such as FC-512-1) is a quadratic program, a convex optimization problem with convergence guarantees.
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Figure 6. Training and validation FC-512-1 log loss curves. The validation loss decreases and stalls after the
initial epochs.
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Figure 7. Network outputs for the validation set of FC-512-1. Results are similar to those in Figure 4 in spite
of its lower complexity and lower parameter count. Slight differences can be seen at Frame 4120.
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Figure 8. Left: original frame. Middle: unprocessed CAM. Right: original frame with DC in the green channel.
These frames are from video 8, and were not used for training. The top row shows a typical example: a car
drives though the crossroad with some unwanted spots around the image. The bottom row shows a particularly
good result: when a noisy bus drives through the crossroad.

5 CONCLUSION
FC-512-128-1 and FC-512-1 were able to follow trends in average noise intensity levels. This occurred in spite
of challenges in the dataset such as occasionally high St values without corresponding noise sources within the
frame. We compared the performance of the two networks and concluded that both predicted St values similarly.
FC-512-1 in particular allowed the use of CAM to visualize image regions responsible for network ouputs. We
had to temporally filter the CAM to be able to observe changes that detect the noise sources. We did that by
computing a online average CAM that was subtracted from the unprocessed CAM. This result was multiplied
by a gain, upsampled to 240×240 by nearest neighbor interpolation and set as the green channel of the video
frame. That produced a visualization where bright green spots represent the detection of a source. Finally, that
helped us verify that the network predicts noise intensity by associating objects to St values.
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ABSTRACT 

In Japan, the Act for Promotion of Use of Wood in Public Buildings was enforced in 2010. As a result, the 
number of constructions using the timber structure became more popular for the buildings. However, the 
performance of the floor impact sound insulation in the timber construction buildings is often concerned as 
worse than the concrete constructions. In this paper, an experiments were carried out on a newly built six-
story wood-frame building to investigate the performance of the floor impact sound insulation on five 
different floors; CLT panel floor, stressed skin panel floor, LVL floor, I-joist floor and chord truss floor. The 
result showed that the stressed skins panel floor has the highest performance of heavy-weight floor impact 
sound insulation. The paper also reports the sound insulation of separation wall and the vibration performance 
in the timber construction building, and proposes an improvement plan for the better floor impact and 
airborne sound insulation performance in the timber construction buildings. 
 
Keywords: Floor impact sound insulation, Wood-frame construction, Cross Laminated Timber 

1. INTRODUCTION 
In Japan, the Act for Promotion of Use of Wood in Public Buildings. was enforced in 2010. As a 

result, the number of constructions using the timber structure became more popular for the buildings. 
Thus, consideration is being given to the high-rise building by timber construction.  

Currently, the knowledge about the performance of the high-rise timber building is limited. It is 
believed that the sound insulation performance in the high-rise timber building is often concerned as 
worse than the concrete construction. However, there is no rigorous report has been published yet. 
For this reason, we built a six-story wood-frame model building for assessing the performances of 
construction, building deformation, living environment, durability and sound insulation. 

In the previous studies, we investigated the floor impact sound insulation performance of a wood-
framed model building for experiments which had four-story, and we tried to improve the floor impact 
sound insulation in reference (1). For the CLT building, we reported the measurement results of floor 
impact sound insulation and sound insulation of separation wall in Cross Laminated Timber building 
in references (2, 3 and 4). 

In this paper, the experiments were carried out on a newly built six-story wood-frame building to 
investigate the performance of the floor impact sound insulation on five different separation floors; 
CLT panel floor, stressed skin panel floor, LVL floor, I-joist floor and chord truss floor. Moreover, 
this paper also reports the sound insulation of the separation wall and the floor vibration performance 
in the model building. 

                                                        
1 hiramitsu-a92ta@mlit.go.jp 
2 tomita.ryuta@nihon-u.ac.jp 
3 sh@kenken.go.jp 
4 m-satou@2x4assoc.or.jp 
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2.  SIX-STORY WOOD-FRAME MODEL BUILDING 
Fig. 1 shows an outside view of the six-story wood-frame model building. It is 7,280 mm wide, 

5,005 mm deep and 17,309 mm height. Each of the five floors (1st floor to 5th floor) has almost the 
same arrangement of living space, and there were two living areas (dwelling units, 3,640 mm wide 
and 2,502.5 mm deep) on each floor except for the 6th floor. The 6th floor has one living area (dwelling 
units, 3,640 mm wide and 2,502.5 mm deep). 

Fig. 2 shows a cross-sectional view of the six-story wood-frame model building. The five different 
separating floors exist on each floor; 2nd floor: CLT panel floor, 3rd floor: stressed skin panel floor, 4th 
floor: LVL floor, 5th floor: I-joist floor and 6th floor: chord truss floor is shown. 
 

 
 

CLT panel floor

stressed skin panel floor

LVL floor

I-joist floor

chord truss floor

1st floor

2nd floor

3rd floor

4th floor

5th floor

6th floor

 

Figure 1 – Photograph showing the outside 
view of six-story wood-frame model building 

Figure 2 – Cross-sectional view of six-story 
wood-frame model building 

3. MEARSURMENT METHOD 

3.1 Floor Impact Sound Insulation 

The floor impact sound insulations were measured in conformity with requirements of JIS A 1418-
2: 2000 (5) for the heavy-weight floor impact sound insulation and JIS A 1418-1: 2000 (6) for the 
light-weight floor impact sound insulation. The impact sources for measurement of the heavy-weight 
floor impact sound were a car-tire source (a bang machine) and a rubber ball source, and of the light-
weight floor impact sound source was a tapping machine. The impact positions were five positions, 
and the sound receiving positions were five positions. The floor impact sound insulations were 
evaluated with JIS A 1419-2: 2000 (7). A-weighted floor impact sound pressure levels by synthesis 
were also calculated; heavy-weight floor impact sound: 31.5 to 500 Hz octave band, light-weight floor 
impact sound: 125 to 2000 Hz octave band. 

3.2 Airborne Sound Insulation of Separation Wall 

The airborne sound insulation of separation wall was measured in conformity with requirements 
of JIS A 1416: 2000 (8). The sound receiving positions were five positions in each room. The airborne 
sound insulation of separation wall was evaluated with JIS A 1419-1: 2000 (9). 

The measurements of airborne sound insulation of separation wall were performed on the 3rd floor 
and 5th floor. The separation wall of the 3rd floor is Midply wall system which had double 12 mm thick 
Oriented Strand Board and two-layer 21 mm thick fire-resistant gypsum board finish, and the 
separation wall of the 5th floor is wood-frame construction and two-layer 21 mm thick fire-resistant 
gypsum board finish. 
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3.3 Floor Vibration Performance 

The floor vibration performance was measured the vibration acceleration level for the each floor. 
The excitation method was dropped the rubber ball source from the height of 1 m. The vibration 
measurement position was the center of the room, and a vibration level meter was used. The analysis 
method was 10 ms for the time constant, and the maximum value of the vibration acceleration level 
of the 1/3 octave band from 3.15 to 80 Hz band was obtained. 

The results of vertical measurements were plotted in the performance evaluation curve of vertical 
vibration of “Guidelines for the evaluation of habitability to building vibration (10)”. V - ◯ 
indicates the perceptual probability of ◯%. Starting from the smallest point, the line is made up of 
V- 10, 30, 50, 70, 90. 

4. MEARSURMENT RESOLUTS AND DISCUSSIONS 

4.1 Floor Impact Sound Insulation 

Fig. 3 shows the measurement results of floor impact sound pressure level. 
In the case of heavy-weight floor impact sound insulation using the car-tire source, the 3rd floor 

(SSP, stress skin panel floor) yielded the highest performance, showing Lr-70 (70.9 dBA). The 4th 
floor (LVL, LVL floor), the 5th floor (I-joist, I-joist floor) and the 6th floor (CT, chord truss floor) 
yielded low performances, showing almost Lr-80. The 2nd floor (CLT, CLT panel floor) yielded middle 
performances, showing Lr-75, and decrease in performance are seen in the 250 Hz and 500 Hz octave 
bands because it is considered as resonance. 

In the case of heavy-weight floor impact sound insulation using the rubber ball source, the 
performance tended to be similar to that of the car-tire source. However, the 4th floor (LVL, LVL floor) 
has high performance, showing Lr-70. This is considered to be due to the non-linear response of the 
LVL floor to impact forces. 

In the case of light-weight floor impact sound insulation using the tapping machine, the 4th floor 
(LVL, LVL floor) yielded the highest performance, showing Lr-75. The 2nd floor (CLT, CLT panel 
floor) yielded low performances, showing Lr-95, and decrease in performance are seen in the 250 Hz 
and 500 Hz octave bands and tended to be similar to that of the heavy-weight floor impact sound. 

 

 
 

Figure 3 – Measurement results of floor impact sound pressure level 
(left: car-tire source, center: rubber ball source, right: tapping machine) 
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Table 1 shows the applicable grades of the floor impact sound insulation for apartment house 
specified by the Architectural Institute of Japan (11). Only the car-tire source is used to evaluate the 
heavy-weight floor impact sound insulation. The comparison between the results from Fig. 3 and Table 
1 shows that the heavy-weight floor impact sound insulation and the light-weight floor impact sound 
insulation were outside the grade range of applicable grade. The countermeasures are considered 
necessary to improve the floor impact sound insulation. 

 

Table 1 –Architectural Institute of Japan grades of the floor impact sound insulation for apartment house 

Impact source Special Grade First Grade Second Grade Third Grade 
Heavy and soft source 
(only Car-tire source) 

L-45 L-50 L-55 L-60, L-65* 

Light impact source L-40 L-45 L-55 L-60 

*Apply to wooden construction, lightweight steel construction, etc. 
 

4.2 Airborne Sound Insulation of Separation Wall 

Fig. 4 shows the measurement results of airborne sound insulation of the separation wall. The 3rd 
floor separation wall (Midply wall system) yielded level difference Dr-30, and the 5th floor separation 
wall (wood-frame construction) yielded level difference Dr-35. 

Table 2 shows the applicable grades of the airborne sound insulation for apartment house specified 
by the Architectural Institute of Japan (11). The comparison between the results from Fig. 4 and Table 
2 shows that the airborne sound insulation of the separation wall was outside the grade range of 
applicable grade. The countermeasures are considered necessary to improve the airborne sound 
insulation of the separation wall. 

 

 
 

Figure 4 – Measurement results of airborne sound insulation of separation wall, Level difference D 
 

Table 2 –Architectural Institute of Japan grades of the airborne sound insulation for apartment house 

Part Special Grade First Grade Second Grade Third Grade 
Separation wall 
Separation floor 

D-55 D-50 D-45 D-40 
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4.3 Floor Vibration Performance 

Fig. 5 shows the measurement results of the response acceleration level by the rubber ball source 
excitation. The 6th floor (R61, chord truss floor) has no separation wall as there is only one room. 
Hence, the tendency is different from the other floors. This is due to the fundamental frequency is in 
the 25 Hz 1/3 octave band. While the fundamental frequency of the other floors is in the 40 Hz band 
or above as the dimensions are much larger 2.5 m × 3.6 m. The 2nd floors (R21 and R22, CLT panel 
floor) have a small response acceleration, and the floor vibration performance is better than other 
floors from the viewpoint of vibratory sensation. Overall, the results on the 3rd floor (R31, stressed 
skin panel floor), 4th (R41, LVL floor) and 5th floor (R51, I-joist floor) do not show much difference. 
It will be necessary to conduct detailed studies including impedance characteristics. 
 

 
Figure 5 – Measurement results of response acceleration level by the rubber ball excitation 

5. CONCLUSIONS 
This paper has reported the measurement results of the floor impact sound insulation, the airborne 

sound insulation of separation wall floor and the vibration performance of six-story wood-frame 
model building. As the results, the following findings have been obtained. 

・ It became clearer that the heavy-weight floor impact sound insulation and the light-weight floor 
impact sound insulation is poor. Hence, it is necessary to conduct investigations aimed at improving 
performance such as adopting a dry-type double floor structure (the floating floor) with rubber 
vibration isolator which has been confirmed in previous reports. 

・ The airborne sound insulation can also be considered as poor, also. We propose the methods for 
the increase in airborne sound insulation; double-layer board finish, addition extra gypsum board wall 
and insertion of the sound absorption material. 

・ From the viewpoint of vibratory sensation, it is necessary to investigate the floor vibration 
response by excitation and impedance characteristic of the floor. 
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ABSTRACT
Lightweight building systems in general suffer from limited sound insulation, especially at low 
frequencies. Furthermore, theoretical models have severe limitations regarding prediction of 
the impact sound insulation, and the design is to a high extent based upon experience and 
measurements. Recommendations in Norway includes the frequency range down to 50 Hz, 
which means to include the spectrum adaptation term CI,50-2500 and C50-5000. One possible 
solution to improve the properties at low frequencies is to add mass and increase the stiffness of 
the construction. We refer to lightweight building systems combining wood and cement-based 
materials as hybrid constructions.
The paper will present analysis of relevant measurement results of hybrid wood joist floor 
constructions from laboratory and field objects. The paper will discuss possible improvements 
of such floor constructions. From the "Silent Timber Build project", some relevant laboratory 
measurement data exist. Due to the impact sound insulation focus, some apartments with hybrid 
joist floors have been built and data collected. This paper is a part of a project at SINTEF 
Building & Infrastructure aiming to develop robust solutions also involving HVAC components 
inside the partition structure. Further progress in this project will include new laboratory 
measurements and a fire test.

Keywords: Impact sound insulation, floor, hybrid joist constructions

1. INTRODUCTION
Lightweight building systems generally suffer from limited sound insulation properties, especially 

in the low frequency range.  A number of research studies and investigations confirm the lack of 
correlation between perceived impact sound insulation and standard measurement objective L'n,w for 
lightweight systems, see [1] and [2]. The necessity of including low frequency evaluation in the 
objectives and national requirements is conspicuously. The acceptability of lightweight wood frame 
residential buildings is at risk if low frequencies aspects neither are formally integrated in building 
codes with more specific acoustic requirements, nor made largely available in building design guides.
The lack of requirement seems also to prevent a more rapid development of lightweight solutions 
including low frequency terms.

The process of developing new solutions could be more rapid up if reliable calculation tools was 
available. Some development of mathematical models and numerical simulations predicting the 
impact sound pressure level of the floor element is published, see for instance [3], but due to the 
complexity of such solutions, the development still need to be based upon experience and 
measurements more than "pure" mathematical models. In addition, the lack of tools to calculate the 
contribution from flanking transmission is even more limited. Therefore, the development of new or 
improved solutions need to include both theoretical investigations, measurements in the laboratory 
and field- or prototype testing.

1 Anders.homb@sintef.no
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The paper is focusing on the impact sound insulation and the low frequency properties in special. 
When the final solution include some floor covering or parquet layer on an interlayer, the single 
number rating will always be determined by frequencies below 400 Hz. Therefore, the measurement
spectra presented in this paper limits the frequency range upwards to 500 Hz.

2. OBJECTS
Traditional lightweight wood frame based buildings involves generally rigidly connected elements 

for floors and walls except the ceiling and the top floor solutions. In Norway, the ceiling is normally
elastic suspended to the joists, more seldom completely separated. Concerning the floor covering, 
floating floor solution (rigid topping on a resilient layer) are also commonly implemented. Over the 
past years, many research projects and studies in different countries has been conducted; quite a large 
number of laboratory measurements are now available, see for instance [4] or [5]. Results covering 
hybrid joist floor solutions with resilient or independent ceiling solutions is more seldom. The 
presentation in this paper is therefore a first step on our work on this specific item.

Relevant alternatives for the top floor solution we divide into two main groups:
- added Mass Below the Resilient layer, named MBR
- added Mass Above the Resilient layer, named MAR

Figure 1 shows a sketch of the two principal solutions of the top floor. For the MBR solution, 
lightweight materials will be used above the resilient layer. For the MAR solution, we normally have 
some additional floor covering or parquet product. In addition, we divide the resilient layer into two 
groups, for simplicity:

- Product with dynamic stiffness below 15 MN/m3, coded LDS
- Products with dynamic stiffness above 30 MN/m3, coded HDS

Figure 1 – Sketch of the MBR (left) and MAR (right) top floor solution

So far, the prioritizing in the project limits the added mass solutions to concrete products or some 
kind of wet screed. In this presentation, the concrete or wet screed have been installed without 
(stiffening) connectors between the mass and the wooden floor below. 

3. LABORATORY MEASUREMENTS
In the following, results from a number of laboratory measurements of hybrid wood joist floor 

solutions will be presented. Some of the measurement were performed in the sound transmission 
laboratory at SINTEF Building and Infrastructure in Oslo. Other measurements have been performed 
at other European laboratories, collected within the Silent Timber Build project and published, see [4]. 
In all cases, the measurements have been conducted in accordance with NS-EN ISO 10140, part 3, see 
[6] and evaluated according to NS-EN ISO 717-1, see [7]. So far, there are a limited number of hybrid 
floor solutions including resilient suspended ceiling available for our study. Among available results, 
some of the most interesting data are presented in the following. The goal of this presentation is to 
quantify the effect of different hybrid floor solutions and secondly to present data relevant for 
verification of calculation tools. Table 1 shows an overview of relevant laboratory measurement 
objects, and figure 2 shows the frequency spectrum of the normalized, impact sound pressure level.
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Table 1 – Overview, laboratory measurement objects

Main group Resilient layer Total mass pr. unit area, kg/m2 Ln,w + CI,50-2500, dB

MAR LDS 135 54

MAR LDS 166 55

MBR HDS 180 46 1)

MBR HDS 187 52

MBR LDS 192 52

MAR LDS 224 51
1) High transverse stiffness of the joist system, see [4] or [8]

Figure 2 – Normalized impact sound level of laboratory measurement objects

Results presented in figure 2 shows a relatively large spreading, both with respect to single number 
rating and the normalized impact sound level in the frequency range. Not unexpected, the two MBR 
objects shows relatively low spectrum adaptation term, CI,50-2500 due to high dynamic stiffness of the 
resilient layer. For the MAR objects it is in general the opposite. The NO object differs significantly 
from the other, probably due to the increased transverse stiffening of the joist floor. 

A comment to the collection of results is that we have not data available for the combination of 
MAR and HDS resilient products and solutions combining MBR and LDS resilient products.

4. FIELD MEASUREMENTS
Despite the fact that hybrid joist floor solution is relatively seldom, a number of field measure-

ments has been performed the last years. The purpose has been to study the effect of additional mass 
for improving the impact sound insulation due to arguments presented in chapter 1. Collected data 
include a number of relevant solutions and results. But collected data also include solutions not 
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relevant for further use and solutions without significant effect on the impact sound insulation 
properties. Such data is not a part of the presentation below. All measurements carried out by SINTEF 
Building & Infrastructure have been performed according to NS-EN ISO 16283 [9], from 2017 also 
including low frequency procedure of small receiving room volumes, Some measurements have been 
performed by consultancy companies, reported according to [9], but without the low frequency 
procedure given for small receiving room volumes. Therefore, small receiving room volumes have 
been excluded in this paper.

Table 2 shows an overview of relevant objects, and figure 3 shows the frequency spectrum of the 
normalized, impact sound pressure level. All of them with large receiving room volumes. Two 
examples are from specific, field measurements, while the two others are from averaging of numbers
of results from almost equal solutions.  

Table 2 – Overview, field measurement objects

Main group Resilient layer Total mass pr. unit area, kg/m2 Ln,w + CI,50-2500, dB

MAR LDS 109-124 55

MAR LDS 124 53

MAR HDS 125-140 57

MAR HDS 148 59

Figure 3– Normalized impact sound level of field measurement objects

Results presented in figure 3 shows a 6 dB spreading of the single number rating, L'n,w + CI,50-2500,
and relatively large spreading of the normalized impact sound level in the frequency range. All results 
show spectrum adaptation term, CI,50-2500 in the range 4 to 5 dB, positively influenced by large 
receiving room volumes. All constructions fulfill national minimum requirements (sound class C) of 
L'n,w 53 dB. Except one construction, the example object don't fulfil recommended limit of 
L'n,w+CI,50-2500 53 dB or the stricter requirements for sound class B according to present Norwegian 
requirements in NS 8175:2012.

A comment to the collection of results, is that we have not field measurement results available for 
the combination of MBR independent of the type of resilient layer.

10

20

30

40

50

60

70

80

50 63 80 100 125 160 200 250 315 400 500

N
or

m
al

iz
ed

, i
m

pa
ct

 so
un

d 
pr

es
su

re
 le

ve
l, 

L'n
 (d

B)

Frequency (Hz)

FELT, AVG n=8: L'n,w=50 + CI,50=+5
(mpua=109-124)
FELT, AVG n=4: L'n,w=53 + CI,50=+4
(mpua=125-140)
FELT-A: L'n,w=49 + CI,50=+4
(mpua=124)
FELT-B: L'n,w=54 + CI,50=+5
(mpua=148)

5016



5. DELTA ACOUSTIC CALCULATIONS
Predicting the impact sound insulation improvement by a floating floor is not an easy task. It is 

necessary to take into account both forced and resonant transmission. The resonant transmission will 
depend on the boundary conditions for the floating as well as for the primary floor. Theoretical 
calculation of the impact sound insulation improvements has been studied by several researchers. The 
most well-known work dealing with floating floor constructions was performed by Cremer, see 
reference [10]. From reference [11], the following equation from this work regarding continuously
elastic layer will be used. = 40 + 20 1 + 2

(1)

Simple, one-dimensional theory based on mechanical impedance also ends up with the same
frequency dependent improvement above the resilient floor resonance frequency, fo. Theory presented 
in [10] especially developed for lightweight floating floors also give a similar slope of the 
improvement according to equation (2). Below the fo frequency, the improvement will be set to 0 dB.

= 40 + 20 1 +     (2)

= 4     
The textbook also conclude that it is not possible to fulfil some important assumptions, and the 

measured improvement may therefore differ from the calculated one.  Improvements achieved from 
measurement objects in LAB and FIELD will be compared with results from these equations. 

6. COMPARISON OF MEASURED AND CALCULATED IMPROVEMENT
Calculation of the impact sound insulation improvement will be compared with measured 

improvements due to different top floor solution added to a basic structure. The basic structure consists 
of a traditionally wooden joist floor with resilient suspended ceiling with data from the basic structure 
of the LAB measurement series. It means that the comparison should be reliable for the other 
LAB-examples if we assume a low influence on the modal behavior of the floor due to the added top 
floor. The comparison with improvements measured from field objects may of course be less accurate 
due to obviously different modal behavior. Table 3 shows an overview of essential data for comparison 
between calculations and measurements. Exact data of the dynamic stiffness of the resilient layer is not 
available, but from general information 10 MN/m3 have been used for the LDS layers and 40 MN/m3

for the HDS layers.

Table 3 – Objects for comparison between calculations and measurements

Object Main group Resilient layer
Mass above/below resilient 

layer, kg/m2

Calculated 

fo (Hz)

LAB-A 7 MAR LDS 86 / 49 ~ 90

LAB-B 3 MBR HDS 30 / 157 ~ 202

LAB-C 8 MBR LDS 38 / 154 ~ 91

FIELD-A B MAR LDS 86 / 38 ~ 98

FIELD-B E MAR HDS 102 / 46 ~ 179
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In figure 4, comparison between measured and calculated improvement of LAB example objects 
are presented. Figure 4a shows the result for the solution with the mass above the resilient layer, while 
figure 4b show the result when the added mass is positioned below the resilient layer. In figure 5, 
comparison between measured and calculated improvement of FIELD example objects are presented, 
both with mass above the resilient layer.

Figure 4a – Comparison of calculated and measured improvement of object LAB-A

Figure 4b – Comparison of calculated and measured improvement of object LAB-B and LAB-C

Figure 5 – Comparison of calculated and measured improvement of object FIELD A and FIELD-B

Results presented in figure 4a show that the calculated improvement is overestimated for the MAR 
example influenced by the low fo value from the calculations. Results presented in figure 4b show that 
the calculated improvement is slightly underestimated for the MBR examples, and the resonance 
frequencies, fo coincide to a high degree. Results presented in figure 5 show that the calculated 
improvement is overestimated for both MAR examples, influenced by the low fo value from the 
calculations. Generally, the improvement slope coincides relatively well except the FIELD-B
example.

The comparison also, partly shows an improvement at low frequencies, which deviate from the 
general assumption of zero improvement in this frequency range. The modal behavior plays obviously 
a role in this frequency range, together with effects of the field object solutions and may be flanking 
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transmission. The overestimation for all MAR examples is probably caused by vibration transmission 
because of low impedance of the basic structure compared with the top floor impedance. Too low 
impedance of the basic structure gives additional or increased resonance frequencies of the system, 
compared to the calculated fo value. 

7. CONCLUSIONS
Different hybrid floor solutions have been measured experimentally with Ln,w + CI,50-2500 results 

between 46 and 55 dB. Three of those solutions may perform sufficient for the recommended impact 
sound insulation level in residential housing of Ln,w + CI,50-2500 53 dB. 

Object with increased transverse stiffening of the joist solution perform significantly better than 
other objects at low frequencies. Until now, object measured in ejected buildings have more uniform 
solutions, but still the results varies between 53 and 59 dB. Only one of those example objects fulfil the 
recommended impact sound insulation level. Therefore, other solutions need to be developed and 
tested. Both analyses and further development of solutions is a part of the ongoing research project 
"Hybrid joist floors with integrated ducts". 

From a laboratory setup recently measured, we had an option to analyse measurement data of the 
basic floor and with additional hybrid solutions on top. Different combinations of the position of the 
resilient layer and added weight was a part of this. Data from the basic floor have also been used for 
comparison with field measurement results with hybrid top floor solutions. 

Results from the measured improvement have been compared to calculation according to well 
known analytical equations. Results from this comparison show that the prediction of MAR solutions 
overestimate the improvement, mainly due to the low fo value from the calculations. The reason for 
this deviation is obviously uncomplete prediction tools. Results from the comparison show that the 
prediction of MBR solutions slightly underestimate the improvement, but the resonance frequencies, 
fo coincide to a high degree in these cases.

Generally, the improvement slope coincides relatively well except one object. From these studies, 
we so far conclude that a positioning of the mass below the resilient layer is beneficial, at least when 
the basic floor has relatively low stiffness in the transverse direction. 

Results presented in this paper shows that more research need to be done regarding theoretical 
calculations of such timber floor constructions. Up to now, too little focus has been put into the impact 
sound insulation of hybrid floor solutions, partly due to the complexity on modelling and partly due to 
experimental costs.

ACKNOWLEDGEMENTS
This study has been carried out within a project funded by Regional Research Fund of Norway. The 

owner of this " Hybrid joist floors with integrated ducts " project is Norgeshus, The project involve
research activities at SINTEF Building & Infrastructure and applied activities and preparation for field 
objects by the project owner and partners.

REFERENCES
1. Simmons C., Hagberg K., Backman E. Acoustical Performance of Apartment Buildings – Resident’s Survey 

and Field Measurements. AkuLite Report 2. SP report 2011:58, Borås, Sweden 2011.
2. Ljunggren, F., Simmons, C. & Hagberg, K. Correlation between sound insulation and occupants' 

perception - Proposal of alternative single number rating on impact sound. Applied Acoustics 85 (2014): 
57-68.

3. Bard, D. & al., 2017, Modelling prerequisites - FEM/SEA. Impact and Airborne Sound. Report no 
STB01, WG1. RISE Report 2017:56, Göteborg, Sverige.

4. Homb, A. Guigou-Carter, C., Hagberg, K., Schmid, H., 2016, Impact sound insulation of wooden joist 
constructions: Collection of laboratory measurements and trend analysis. Building Acoustics 2016, Vol. 
23(2) 73-91.

5. Lignum. Database at: www.lignum.ch. Switzerland.
6. NS-EN ISO 10140-3:2010. Acoustics. Laboratory measurement of sound insulation of buildings 

elements - Part 3: Measurement of impact sound insulation.

5019



7. NS-EN ISO 717-2:2013. Acoustics. Rating of sound insulation in buildings and of building elements – part 2: 
Impact sound insulation.

8. Homb, A. (2003). Laboratory sound and vibration measurements of open web joist supported timber floors. 
Project report O 14168, Norwegian building research institute (not published). Trondheim June 2003.

9. NS-EN ISO 16283-2:2015. Acoustics. Field measurement of sound insulation in buildings and of buil-
ding elements - Part 2: Impact sound insulation.

10.Cremer, L., Heckl, M. and Ungar, E. Structure-borne sound, 2nd ed. Springer-Verlag, Berlin (1988).
11. Vigran, T.E. Building Acoustics. Taylor & Francis, London (2008).

5020



PROCEEDINGS of the  
23rd International Congress on Acoustics  

9 to 13 September 2019 in Aachen, Germany
 
 

 

Application of elastic interlayers at junctions in massive timber 
buildings

Stefan SCHOENWALD1; Niko KUMER2; Sebastian WIEDERIN3;  
Norbert Bleicher4, Bernhard FURRER5 

1 Empa Materials Science and Technology, Switzerland 
2 Stora Enso WP Bad St. Leonhard GmbH, Austria 

3 Getzner Werkstoff GmbH, Austria 
4 best wood SCHNEIDER GmbH, Germany 

3 Lignum, Switzerland 

ABSTRACT 
The application of elastic interlayers at junctions in massive timber buildings was investigated in a 
parametric study in the Laboratory for Acoustics at Empa. Flanking sound transmission across a junction of a 
floor with an exterior wall was investigated for different construction details with and without interlayers, as 
well as with rigid and decoupled connectors. The performance of the interlayers is discussed by comparing 
the apparent airborne and impact sound insulation between two rooms one on top of the other. The benefit of 
the elastic interlayers and connection variants is hereby gauged against other additional measures, for 
example wall linings, suspended ceilings, floating floors required to achieve equal sound insulation and to 
fulfill acoustic requirements. 
Keywords: Sound Insulation, structure-borne sound transmission, flanking, connections, timber buildings 

1. INTRODUCTION 
With the worldwide trend for sustainable buildings the demand for multi-storey wooden buildings 

is increasing significantly.  In many countries, including Switzerland, even high rise residential and 
office buildings are being designed and built out of wood. This was made possible due to massive 
timber floors and walls, like Cross-Laminated-Timber (CLT) or Glulam plates, that are able to carry 
high structural loads and provide sufficient fire safety (1). Besides these advantages, the sound 
insulation of the elements is limited due to their low mass in combination with a comparatively high 
bending stiffness. Therefore, for partitions between adjacent rooms in different units of the building 
additional measures, like for example floating floors, gypsum board wall linings and suspended 
ceilings, are required to fulfil sound insulation requirements for direct impact and/or airborne sound 
insulation (2). Some of these measures are also beneficial for improving flanking sound insulation. 
However, these additional measures are costly to install, reduce the room volume and also wooden 
surfaces of the structure are being covered and not visible anymore. In this paper solutions with 
resilient interlayers at the junction between the massive timber elements and visible surfaces are 
presented and their acoustical performance is gauged against wall linings. Further, consideration is 
given to the connection details between the elements that are required for structural integrity.    

2. BUILDING PERFORMANCE 
First, the methods for prediction of impact and airborne sound insulation in buildings using the 

methods of the EN 12354-series as well as the methods for the measurement of the necessary input 
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2 niko.kumer@storaenso.com 
3 sebastian.wiederin@getzner.com 
4 n.bleicher@schneider-holz.com 
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data are briefly outlined. In the following only vertically adjacent rooms, with one room on top of the 
other, are considered. For this situation, besides the direct sound transmission path, at each building 
junction at the four floor edges additional three airborne and one impact flanking paths exists, where 
structure-borne sound is transmitted from one element to the other.  

2.1 Prediction according to EN 12354 
The airborne and impact sound insulation performance of massive wood buildings can be predicted 

with the methods of EN ISO 12354-1:2017 and EN ISO 12354-2:2017 respectively. As input data the 
sound insulation of the elements and the attenuation of structure-borne sound at the junction are 
required. The flanking sound reduction index Rij can be calculated with equation 1 and the normalized 
flanking sound pressure level Ln,ij with equation 2 respectively for each flanking path ij. 

 (1) 

 (2) 

For the two coupled elements i and j, the direct sound reduction index R and the normalized impact 
sound pressure level Ln, the improvement due to additional layers R and Ln for airborne and impact 
sound, the direction averaged velocity level difference  and the area S of the flanking elements Si 
and Sj as well as of the partition Ss have to be known for the considered building situation situ. The 
transfer of measurement data for massive timber elements from the lab to the building situation situ is 
discussed in detail in reference (3). 

2.2 Junction transmission 
The transmission of structure-borne sound at junctions of Type A elements according to 

EN ISO 12354-1:2017 is expressed in terms of the so-called vibration reduction index Kij. The 
structural reverberation time of Type A elements in a building is governed by the structural 
transmission to adjoining elements, in essence this is true for homogenous building elements with a 
relatively low internal damping, like for the CLT and Glulam elements with fully glued wooden 
lamellas considered in this study. The Kij is determined from the measured direction averaged velocity 
level difference of the two elements using equation 3.  

 (3) 

To determine one of the two coupled elements i and j is excited mechanically and the 
difference between the spatial average surface velocity level on the excited and on the receiving 
element is measured. The the test is repeated with excitation of the second element and the results for 
both directions are arithmetically averaged afterwards.  is normalized with so-called 
absorption lengths ai and aj, that depend on the structural reverberation times Ts and surface area S of 
the coupled elements, and with the junction length lij. 

, and  respectively (4) 

For the prediction of the sound insulation in a building situation situ, the procedure for the 
normalization in equation 3 is inversed.  is obtained from Kij, the structural reverberation 
times and the geometry of the building situation. 

3. Measurement Setup 
Experiments for this study were carried out in Empa’s Laboratory for Acoustics and Noise Control. 

The structure-borne sound transmission at a T-junction of CLT walls and a Gluelam floor was 
investigated for different connection details with and without elastic interlayers. The investigated 
T-junction is a common solution for connecting a floor with exterior walls or with interior double walls, 
when the floor is not continuous across this junction. 
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3.1 Test Object 

 Junction 3.1.1
The measurement setup consists of a T-junction installed in the flanking facility of Empa’s 

Lightweight Construction Laboratory, where building sections with a maximum of four rooms with 
two on each floor can be installed. In the current study only two rooms were installed as shown in 
Figure 1 separated by a 220 mm thick Glulam floor with a weight of 102 kg/m2. The floor had a size of 
4.20 m width by 5.60 m length consisted of seven approximately 60 cm wide planks. The planks had 
tongue and groove joints along their length side and were joined together with diagonally driven 
screws. The floor rested with the smaller edge on a 100 mm thick and 2.90 m high 3-ply CLT wall 
(48.4 kg/m2) and on the opposite side on the permanent concrete structure of the facility. On the upper 
side of the junction a second100 mm thick and 2.90 m high 3-ply wall was on top of the Glulam floor. 
The remaining two opposite edges of the floor were free and only sealed to prevent sound leaks. 

Two walls in each room as well as the floor in the lower room were part of a permanent concrete 
structure that gave the mock-up its structural integrity. The remaining two walls and the upper room’s 
ceiling were movable massive wooden elements. Further, the heavy ceiling rested on the upper wall of 
the test junction to load it like in a real building. At all permanent walls of the facility, as well as the 
movable walls measures were taken, like additional linings, elastic mountings or structural breaks, to 
provide a high flanking sound insulation.  

 
Figure 1 – Drawing of the test setup in the Empa Flanking Facility with the concrete backbone (grey), test specimen (orange) 

and movable walls (red) 

 Connection details 3.1.2
In this article four of the investigated connection methods between the upper wall and floor are 

discussed. For all these junctions the floor was always connected rigidly to the lower wall with 14 
screws, 2 at each floor element, that were driven from the top through the Glulam-floor. The 
connection of the upper wall was modified as follows: 

Reference case: 
No elastic interlayers were installed, the upper wall was connected with 3 metal angles 
spaced 1.80 m at the inside of the junction. 
This case is the most common rigid connection method for the walls and floors considered. 
Limit of interlayer: 
The upper wall was put on an elastic PUR-foam strip (design frequency f0  20 Hz) without 
any additional connectors. 
This is not a realistic solution, but is used to identify the maximum achievable 
structure-borne sound reduction of the interlayers. 
Interlayer with decoupled angles: 
The elastically supported upper wall was connected with 3 decoupled angles spaced 1.80 m. 
This is one recommended acoustically optimized connection method that fulfils also 
common structural requirements. 
Interlayer with rigid angles: 
The elastically supported upper wall was connected with 3 common rigid angles, like in the 
reference situation, at a spacing of 1.80 m. 
This method is not recommended from an acoustical point of view, nevertheless often 
applied due to structural reasons. 
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 Additional Linings 3.1.3
For the prediction of the building situation an additional floor topping and wall lining are 

considered. The floor topping consists of a 70 mm thick concrete screed (147 kg/m2) floating on a 
30 mm impact sound insulation (glass fibre, dynamic stiffness  6 MN/m3) and a 30 mm expanded 
polystyrene foam (EPS; elastified) as installation layer. Underneath a 90 mm thick gravel layer (126 
kg/m2) was placed on the bare floor as additional ballast. 

The wall lining for the CLT walls is an additional layer of 15 mm gypsum fibre board that is directly 
attached to 40 mm thick wooden battens. The wooden battens are screwed to the CLT wall with a 
spacing of 62.5 cm. The cavity between the battens is filled with 40 mm lightweight glass fibre 
insulation with a flow resistivity > 5 kPa s/m2. 

3.2 Measurement methods 
All input data for the prediction in this study is based on measured data obtained as follows.  

 Vibration Reduction Index Kij3.2.1
The vibration reduction index is measured according to EN ISO 10848-3:2017. Each element was 

excited with an electro-dynamical shaker (B&K, Type 4809) driven by white noise at 3 positions for 
30 seconds. The velocity levels were measured with 6 accelerometers (B&K, Type 4513B-002) on 
each element simultaneously that were connected to a multi-channel analyser PAK MKII from VAS 
Müller BBM. On each element and for each excitation position the levels were measured at 12 
positions and corrected for background noise, if necessary. For each excitation position the velocity 
levels were spatially averaged for each surface and the velocity level differences were calculated. The 
velocity level differences then were averaged for each excited surface and finally direction averaged 
for opposite transmission directions. 

The structural reverberation times were measured with the same sensors and exciter, but connected 
to a second 4-channel analyser Apollo box and the software SAMURAI from Sinus Messtechnik 
GmbH at all 12 receiver positions on each element. A sine sweep signal was used for excitation and the 
impulse responses were band filtered and backward integrated to determine the structural 
reverberation times from the decay curves. 

From both the velocity level differences and the structural reverberation times of the elements Kij 
was calculated as described in section 2.2. 

 Performance of elements and additional layers 3.2.2
The direct airborne and impact sound insulation measurements of the elements and additional 

layers were conducted in two different facilities using both times the methods of 
EN ISO 10140-2:2008 and EN ISO 10140-3:2010. 

The floors were installed in the flanking facility described in section 3.1. To suppress flanking 
transmission through the investigated junction additional shielding consisting of a double layer of 
gypsum board on 20 cm cavity insulation, was installed without structural connections in front of the 
flanking CLT walls. The sound insulation performance of the walls was measured at a nominally 
identical test specimen that was installed in Empa’s wall facility with structurally separated rooms. 

For airborne tests one room was excited with white noise for 60 s, the floors sequentially at two 
fixed loudspeaker positions and for walls with a moving loudspeaker. The sound pressure in the both 
rooms was measured simultaneously with two microphones on rotating booms. The sound pressure 
levels are corrected for background noise. The reverberation times were measured in the receiving 
room at six fixed microphone positions for two fixed loudspeaker positions using the interrupted noise 
method in the flanking facility and the MLS-method in the wall facility. At Empa the sound reduction 
index is usually measured twice in opposite directions and the reported result is the energetically 
average index of both tests. 

For impact tests the floor is excited with a standard tapping machine for 60s sequentially at 6 
positions and the sound pressure level is measured with a microphone on a rotating microphone boom. 
The measured levels are corrected for background noise and normalized with the reverberation time 
and room volume to obtain the normalized impact sound level. 

The improvement of airborne and impact sound insulation is the difference of the one third octave 
band results for the bare reference specimen and of a second test with the wall lining or the floor 
topping installed.  
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4. Results 
First, the results for Kij for the junctions and the effects due to the connection method are presented. 

Then the sound insulation is predicted for three building situations showing the effect of elastic 
interlayers. 

4.1 Vibration reduction index Kij for connection methods 
For the junction without interlayer the measured Kij and for the junctions with interlayer the 

improvement Kij relative to this reference situation are shown for the three transmission paths Ff, Fd 
and Df, which are depicted in the Figures 2-4 in the middle. For Kij higher values indicate a better 
sound insulation and for Kij positive values indicate an improvement relative to the reference 
situation. Besides the one third octave band data also single number ratings evaluated according to 
EN ISO 10848-1 as the arithmetic average of Kij from 200 Hz to 1.25 kHz are presented. 

 Reference – rigid connection 4.1.1
For the reference case with the rigid connection and no interlayer Kij are shown in Figure 2. The 

values are almost constant over frequency and the Ff-path (wall-wall) has with a single number value 
of about 24 dB the highest insulation. The Fd-path (upper wall-floor) and Df-path (floor-lower wall) 
are both about 12 dB lower and below 1 kHz equal, but above 1 kHz the angles at the upper wall 
transmitted slightly less sound than the screws at the lower wall. The higher Kij of the Ff path is 
plausible as structure-borne sound has to be transmitted twice from the wall to the floor and to the 
other wall, whereas for path Fd and Df transmission occurs only between the floor and wall. 

 

 
 

Kij (200 Hz – 1.25 kHz): 

Ff 23.7 dB 

Fd 12.3 dB 

Df 11.4 dB 
 

 

Figure 2 – Vibration reduction index Kij of path Ff, Fd and Df for the rigid connection with 3 steel angles - Left: Kij-Spectrum, 
middle: Single number rating Kij, left: Connection details 

 Elastic interlayer – no connection 4.1.2
For this “ideal” case with only the elastic interlayer the maximum structural decoupling is obtained. 
Kij increases with frequency up to 20 dB for the Ff- and Fd-path that cross the elastic interlayer. 

Below 100 Hz the interlayer gives only 3-4 dB improvement, however, flanking transmission is not 
very important in this frequency range as it is shown in the predictions. 

Between 200 Hz and 1 kHz the improvement for Ff is smaller than for Fd. Here the measurement 
setup reaches its limits as very high Kij are measured for the Ff path. To obtain their absolute values  
Kij has to be added to the Kij in Figure 2, where KFf is already much bigger than KFd. The single 

number KFf is 36 dB in comparison to KFd with 29.2 dB. Likely airborne sound transmission occurs 
between the upper to the lower wall. Both have their coincidence frequency in this range and radiate 
and receive very well sound waves travelling parallel to their surface. As expected for path Df Kij is 
approximately zero since the interlayer does not affect this path. 

 Elastic interlayer – 3 decoupled angles 4.1.3
As next step 3 decoupled angles are added to provide the necessary structural stability to the 

junction. Kij in Figure 4 show a similar trend as without connectors in Figure 3. Ff- path is still 
limited due to airborne sound insulation between 125 Hz and 500 Hz. Therefore only the Fd-path is 
discussed in detail and Kij from 100 Hz to 2 kHz is except of a dip at around 800 Hz only 3 dB less 
than for the ideal case before. The dip is likely caused by a resonance, e.g. between the different steel 
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plates and interlayers of the connecting angle, but needs further investigation. The single number 
ratings are only reduced by approximately 3 dB and 5 dB for the Ff-path and Fd-path respectively. 

 

 
 

Kij (200 Hz – 1.25 kHz): 

Ff 36.0 dB 

Fd 29.2 dB 

Df 10.4 dB 
 

 

Figure 3 – Improvement of vibration reduction index Kij of path Ff, Fd and Df for elastic interlayer without connectors - Left: 
Kij -spectrum, middle: Single number Kij, left: Connection details 

 

 

 
 

Kij (200 Hz – 1.25 kHz): 

Ff 33.4 dB 

Fd 24.5 dB 

Df 10.8 dB 
 

 

Figure 4 – Improvement of vibration reduction index Kij of path Ff, Fd and Df for elastic interlayer with 3 decoupled angles - 
Left: Kij-Spectrum, middle: Single number Kij, left: Connection details 

 

 

 
 

Kij (200 Hz – 1.25 kHz): 

Ff 29.0 dB 

Fd 17.8 dB 

Df 10.5 dB 
 

 

Figure 5 – Improvement of vibration reduction index Kij of path Ff, Fd and Df for elastic interlayer with 3 rigid angles - Left: 
Kij -spectrum, middle: Single number Kij, left: Connection detail 

 Elastic interlayer – 3 rigid angles 4.1.4
Finally, Kij is shown in Figure 5 for three common rigid steel angles that connect the upper 

elastically supported wall. Often this is a compromise with structural requirements. The obtained Kij 
for both paths Ff and Fd are now equal and much smaller than with decoupled angles. Below 250 Hz 
results are even equal to the case without elastic interlayer. Above Kij is increasing to a maximum of 
10 dB above 1 kHz. Also the single number Kij of path Ff and path Fd give only a small improvement 
of about 5 dB in comparison without interlayer. 
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4.2 Prediction of sound insulation in buildings 
To underpin the benefit of elastic interlayers in massive timber buildings, the in-situ airborne and 

impact sound insulation performance between two vertically adjoining rooms, that are separated by a 
3 m by 4 m Glulam-floor as described in Section 3.1, is predicted based on measured input data. For all 
scenarios the floor topping of section 3.2.2 is considered. This is necessary to achieve an acceptable 
direct sound insulation. Along the 4 m long edges of the floor load bearing T-junctions with 100 mm 
CLT walls are assumed. The remaining two junctions are considered to be cross-junctions with 
non-loadbearing lightweight frame walls that do not contribute to flanking transmission and therefore 
are neglected in the following. The sound insulation of the single flanking paths are predicted with 
equation (1) and (2) using Kij from section 4.1 as input data. For the matter of simplicity the in-situ 
structural reverberation times used for the transfer of Kij, R and Ln are assumed to be equal to the Empa 
flanking test facility. Hereby slightly conservative results were obtained for all situations, as the used 
reverberation times are slightly longer than in real buildings. 

  

 
 

R’w(C, Ctr) = 
48 (-1, -4) dB 

L’n,w(CI, CI,50) = 
44 (-1, 5) dB 

  

 
 

R’w(C, Ctr) = 
61 (-3, -10) dB 

L’n,w(CI, CI,50) = 
44 (-1, 5) dB 

  

 
 

R’w(C, Ctr) = 
58 (-2, -7) dB 

L’n,w(CI, CI,50) = 
45 (-1, 4) dB 

Figure 6 – Predicted airborne (left) and impact (middle) sound insulation performance with single number ratings (right) 
between two vertically adjacent rooms for three situations; top: without any measures at flanking walls, middle: with wall 

linings, and bottom: with elastic interlayer and isolated steel angles 
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For the first situation the walls at the junctions are assumed rigidly connected as for the reference 
situation. The CLT walls and ceiling are not equipped with additional linings. The results are presented 
in Figure 6 in the top row. The results are given for direct transmission through the floor (red), the 
resultant for all flanking paths (blue) as well as the overall transmission for the building situation 
(black). On the left the sound reduction index is presented and it is obvious that, except for the 
frequency range below 100 Hz, flanking is dominating due to the two dashed blue paths in the right 
drawing (Ff and Fd) that are not reduced by the floor topping. For the normalized impact sound 
pressure level in the middle, direct transmission (red) is dominating in the whole frequency range, as 
the Df-path (solid blue in the right drawing) is reduced well by the floor topping. Looking at the in-situ 
single number ratings in the right column of Figure 6 the L’n,w-values for impact sound insulation 
likely fulfil building requirements, whereas the R’w does not. 

The improved results with the additional wall linings of Section 3.1 at the flanking walls are 
presented in Figure 6 in the middle row. The in-situ sound reduction index on the left is increasing, as 
flanking transmission is further reduced and R’w = 61 dB is achieved. The in-situ impact sound 
insulation does not change, as direct transmission is not affected and flanking not relevant.  

In the bottom row of Figure 6 the results are shown when the additional linings are substituted by 
the elastic interlayer and decoupled steel angles of section 4.1.3. Hereby, similar in-situ sound 
insulation performance with less effort for installation of additional wall linings is obtained.  

5. CONCLUSIONS 
Results of a study on the performance of elastic interlayers for reducing flanking transmission at a 

wall floor T-junction in massive timber construction are presented and the influence of typical 
connectors necessary for the structural stability of the building is investigated. For vertical sound 
transmission at the T-junction the most critical flanking paths are from upper wall to the lower wall and 
from the upper wall to the floor as the remaining floor-wall flanking path is usually sufficiently 
suppressed by a floor topping that is necessary to provide sufficient direct impact sound insulation. 
These two paths can be sufficiently improved by using an elastic interlayer between the upper wall and 
floor and provide a very effective alternative to the installation of wall linings at the flanking walls. 

However, the type of used connectors at the decoupled wall, that are necessary for structural 
integrity, play a crucial role for the achievable sound insulation. Therefore, the performance of the 
connectors is gauged against the maximum performance of the interlayer without any connectors. 
Common decoupled steel angles achieve a structure-borne sound insulation that is only about 5 dB less 
than the maximum performance without connectors. Further optimization of the connectors is limited, 
as only a maximum of 2-3 dB further improvement can realistically be expected. Every connector will 
add additional rigidity to the ideal and increase structure-borne sound transmission respectively. The 
use of common rigid steel angles for the connection of the elastically mounted wall cannot be 
recommended, as only flanking sound reduction is improved only above 250 Hz and the single number 
vibration reduction index was only 5 dB better than the rigid connection without interlayer. This 
usually is not sufficient to replace additional wall linings. 
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ABSTRACT 
Wooden constructions are becoming more and more present in the global building market. They are built 
very quickly, combining structural and thermal performance in a single layering. They are industrially 
produced and then assembled on site to minimize building yard problems and increase construction speed. 
In this scenario, acoustics is often not addressed or is delegated to additional layers that are often inserted 
without a studied ratio. Many studies have been carried out to predict the acoustic behavior of walls and 
floors using numerical or empirical methods. Recently, by means of validation with in situ measurements, 
the acoustic behavior of raw wooden partitions has been defined with empirical or semi-empirical laws. In 
this work, a new method for the determination of the floor noise of raw CLT floors comes through the use of 
numerical simulation with transfer matrices. Then, the results are compared to the available empirical 
forecasting models and real measurements. 
 
Keywords: Cross Laminated Timber; Impact force; Impact noise; Transfer method matrix; numerical 
simulation 

1. INTRODUCTION 
Over the years, timber buildings have become a reference point for new sustainable, lightweight, 

prefabricated and energy-saving buildings. The growing environmental awareness of ordinary people, 
as well as of designers and builders has enhanced the popularity of these buildings have in both the 
European and Italian scenarios. 

However, the increasing presence of wooden buildings has posed a series of questions about how 
such buildings can and should be designed. In the field of acoustics, few innovations in design 
methods have been introduced in recent years for this type of element. For example, in the revision of 
the ISO 12354 series of standards [1,2] in 2017, little more information, based on laboratory 
experience [3], was included as regard to timber elements for airborne and impact noise. 

The classic numerical modelling approaches, often used for heavy constructions in the traditional 
system, are advantageous for predicting the acoustic behavior of homogeneous walls or walls with an 
addition of few layers. Moreover, the methods used today relate to well-defined products or layers 
and are not extensible to different geometries, shapes or layers. The only versatile and generalizable 
mathematical model is that of progressive impedances, which, as has already shown [4,5], is effective 
until the succession of layers does not become too complex or does not include rigid connections 
between different layers. However, this method only applies to airborne noise insulation and not to 
impact noise forecasting. In the timber buildings research related to numerical simulation , many 
attempts have been made, using Combined Finite Element FE and Statistical Energy Analysis SEA 
dedicated exclusively to wood components [6], as well as mathematical models of both floors and 
ceilings [7] and impact sources modelling  [8]. Many simulations have been validated for specific 
cases both in the laboratory and in the field [9], but no general method has been applied so far for the 
prediction of the reduction of impact noise on timber floors made of Cross Laminated Timber (CLT). 
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In fact, for the determination of impact noise reduction, the formula provided by the international 
standard [2] is usually used, which provides for the knowledge of the bare floor noise the resonance 
frequency of the floating floor according to eq. (1) 

 
 (1) 

where  is overall impact noise (dB), is the noise produced by the bare floor (dB) and  
is the impact noise reduction provided by a floating floor (dB). 

The determination of such parameters is not always immediate. The standard provides a forecast 
formulation for solid concrete slabs or beam and pot type slabs, but not a model for timber slabs. In 
addition, it has been demonstrated that the reduction of theoretical impact noise cannot be applied to 
such lightweight structures, because the relationship between mass - spring - infinite mass is not 
respected. 

One possible method of investigation is the use of transfer matrices (TMM). Using this technique, 
in fact, the addition of layers, structural connections and impact sources of different nature is easy to 
implement. Within this numerical simulation, it is also possible to make use of the equivalent 
homogeneous medium technique. This method allows adding additional layers to the basic structure, 
modifying its mechanical properties in frequency and incorporating the properties of the second layer 
within the first, which becomes an equivalent homogeneous medium that has acoustic characteristics 
formed by the superposition of the two layers. With the addition of another layer, the procedure is 
repeated until all layers are considered [10]. The use of the equivalent homogeneous medium provides 
clear advantages as long as you know all the acoustic properties in frequency of the materials used. 
However, if these characteristics are not known and if you want to proceed to an optimization of the 
given stratigraphy, the equivalent medium is not a good choice, because it will incorporate all the 
characteristics of the various layers into a single equivalent one, not allowing the study of single 
influences. 

For these reasons, the purpose of this work is to use the TMM method without the use of equivalent 
media and to verify its possible application first to the impact noise generated by a bare CLT floor 
and then to the complete structure with floating floor. The numerical simulations have been compared 
with previous experimental measurements by the authors, using a standard ISO tapping machine on 6 
different bare floors and the equivalent complete structures.  

2. MATERIALS AND METHODS  
A TMM model was implemented to investigate the impact noise produced by (i) a bare CLT floor 

and (ii) a complete CLT with the addition of a floating floor. 
CLT floors are composed by 5-ply panels of a total thickness of 18 cm, with area of 3 m x 4 m.  
The acoustic and mechanical properties of the used materials are reported in Table 1.  
 

Table 1 – Acoustical mechanical parameters 

Medium 
Young’s 

Modulus [GPa] 

Density  

[kg/m3] 

Poisson Ratio  

[-] 

Damping 

[-] 

Thickness 

[cm] 

CLT 11 450 0.01 0.02 18 

Foamed screed 0.8 500 0.01 0.01 10 

Resilient layer eq. (2) 30 0.20 0.40 1 

Heavy screed 25 1500 0.01 0.01 5 
 
For the determination of the Young’s Modulus of the resilient layer, the equation (3) was used, 

inverting the impact noise reduction model ( Ln): 

 (2) 

 
where  is the frequency of the excitation [Hz],  is the mass per unit area of the heavy screed 
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[kg/m2] and  is the thickness of the resilient layer [m]. 
In a general TMM simulation, the materials within the various coupled layers are assumed in the 

first instance to be infinite in the lateral direction, possibly leading to a significant differences between 
the measured values and the simulated ones, especially at low frequency. This has been avoided by 
using the windowing with finite limitations [13]. 

In order to reproduce the measurement correctly, the right impact force by single hammers has to 
be determined. In literature, for a perfect homogeneous rigid floor Cremer and Heckl [13] proposed a 
model for this force using the hypothesis that a perfect rebound was verified. In the present research, 
this cannot be assumed, because the interaction between the hammer and the timber floor will not 
produce such rebound. In literature, it could be found that a hammer impacting timber structures 
provides a bell-shaped frequency trend, so that such trend is more reliable for simulation purposes 
than a linear one [15]. In a more recent view, Lietzén et al. [16] highlighted the difference between 
the impact force imposed by a hammer of the tapping machine on a bare timber CLT floor from the 
one on a concrete floor. The first one is linear only at low frequencies and then it assumes a logarithmic 
drop from the middle-high range. In the second case, the force shows a linear progression, but in a 
very reduced range, compared to the timber one. 

For these reasons, a punctual stimulus was chosen as an acting force, modeling individually the 
hammers of the ISO tapping machine, using a variable imposed force in frequency (Figure 1). 

Conversely, when applying the impact stimulus to a heavy screed, the perfect rebound hypothesis 
is more appropriate and a linear trend is preferred (Figure 2). All the forces were derived from the 
comparison of the measured trends with the simulated ones. The models where then adjusted to fit the 
agreement between measured and simulated trends, in order to verify the initial hypothesis related to 
the force variation in frequency. 

 

 

Figure 1 – Frequency spectrum of the imposed punctual stimulus for bare timber floor 
 

 

Figure 2 – Frequency spectrum of the imposed punctual stimulus for bare timber floor 
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3. RESULTS AND DISCUSSION 
In this section, the reliability of the proposed TMM numerical simulation is compared with 

measured results.  
The measured impact noise frequency trend is reported in Figure 3. In Figure 4 the average 

measured trend with the corresponding uncertainty is compared to the literature one for a 25 cm bare 
floor [11]. As it is evident, at medium-high frequencies, the two trends are in good agreements, while 
for lower ranges the influence of the thickness is highlighted. This result is in agreement with previous 
studies [12]. 

 

 

Figure 3 – Impact noise frequency trend of the measured bare CLT floors 

 

Figure 4 – Average impact noise frequency trend compared to literature one  
In Figure 5, the impact noise frequency trend of the complete structure with floating floor is 

reported.  
In Figure 6 the comparison between the   measured and calculated values is reported, 

highlighting how the traditional and most used formulation for the sound reduction of impact noise 
could not be applied to timber floors. It is worthy to note that the   values obtained by the 
measurements really differs from the one forecastable by the Cremer equation [17]. This result 
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strengthens the thesis that a variable force in frequency has to be used, coupled with a punctual noise 
source.  

 

 

Figure 5 – measured impact noise on complete floor 

 
Figure 6 – comparison between measured and calculated  values for complete floor 

In Figure 7, the comparison between bare floor numerical simulated values and measured ones is 
reported, while in Figure 8 the same procedure was applied to complete structure. Even though several 
approximations are made, especially regarding the determination of the exciting force, a satisfying 
agreement is found. 

 

 

Figure 7 – comparison between measured and calculated values for the bare floor 
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Figure 8 – Comparison between measured and calculated values for the complete floor 

4. CONCLUSIONS 
In this work, a TMM approach is applied to CLT floors, for the determination of impact noise. 

Measurements and numerical simulations are performed both on a bare structure and on a complete 
one, adding a floating floor.  

A study on the force of tapping machine hammers is performed, because the impact impinged on 
the CLT bare floors (non-perfect rebound) is not equal to the one on the heavy screed (perfect rebound). 
For his reason, a punctual and frequency depending excitation is used in TMM simulation, in order to 
emulate the real behavior of the noise source.  

Furthermore, a frequency dependent Young’s modulus is associated to the resilient layer, basing 
on the inverse formula of the noise reduction. 

The vibroacoustic response of the bare CLT panel is computed by means of a TMM numerical 
simulation, in order to evaluate the impact noise level generated by a standard tapping machine, using 
a bell-shaped frequency dependent punctual force excitation. Even though an approximate approach 
is used to determine the force spectrum, good agreement was found between numerical and 
experimental data. The same procedure, but with a linear frequency trend punctual force , is applied 
to complete structure, achieving again a good agreement between the two procedures.   

Thus, the validation of the simulations demonstrates how TMM could be used to determine the 
impact noise of CLT bare and complete floors, using a frequency depending punctual excitation and 
a frequency dependent Young’s modulus related to the resilient layer. 
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ABSTRACT 
This contribution discusses a quick and non-invasive method for the extraction of dispersion relations in CLT 
panels, with the aim of providing an estimate of the elastic parameters of the plates starting from the fitting 
of the experimental dispersion curve to the theoretical models. 
Measurements were performed at the Stora Enso CLT mill on panels that have different thickness and 
orthotropic ratio. An instrumented hammer was used to excite the plate and accelerometers were used to 
acquire the impulse responses. Thanks to the reciprocity principle, the measurement points were kept fixed 
and the hitting point was moved; this allowed to reduce the measurement time and to decrease the number of 
accelerometers that must be attached.
The dispersion curves were evaluated using the phase shift method and the experimental results were fitted 
with the theoretical models for acoustically thick plates; finally, the elastic parameters were estimated. 
The results give slightly low estimates of the Young’s modulus and the shear modulus in the stiffer direction, 
while confirming the datasheet values in the less stiff direction, with deviations depending on the panel 
thickness. The precision of the hits is also analysed, while a reproducibility study is left for further 
developments. 

Keywords: Cross Laminated Timber, Bending Wavenumbers, Structural Acoustics 

1. INTRODUCTION 
The CLT construction technique is widely used and can count on a distinct performance in building 

physics and structural features (1-3). Among the most relevant acoustic parameters that must be known 
for the characterization of a propagation medium, stand the velocities of longitudinal and bending 
waves, which are directly dependent on the elastic parameters of the material.  Although these 
quantities can be accurately predicted for homogeneous materials, the anisotropic and inhomogeneous 
nature of wood complicates the estimate. Methods for the extraction of the elastic parameters by either 
vibrational testing (4) or by measurement of the dispersion relation (5) have been shown. 

This paper presents a preliminary analysis of another quick and non-invasive method for the 
determination of the mechanical characteristics of CLT plates based upon the measurement of the 
dispersion relations. The work seeks a correlation between the vibro-acoustical characteristics of the 
CLT panels and the internal composition of the plies, in terms of numbers and thickness of the planks. 
To reach this goal, the velocities of longitudinal and bending waves were measured on different CLT 
panels characterized by: different total thickness, different number and thickness of the plies, different 
wood species and different surface qualities. 

The dispersion relations are measured for eight panels in which all these parameters are varying 
and, through a fitting with theoretical models, the elastic constants of the panels are estimated. The 
final aim is to provide a comparison between the so-calculated values and the results of the structural 
                                                        
1 athies1@hs-mittweida.de; huebelt@hs-mittweida.de 
2 federica.morandi6@unibo.it; luca.barbaresi@unibo.it; massimo.garai@unibo.it  
3 niko.kumer@storaenso.com 
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tests that are done for quality control purposes, and that imply a huge expense for laboratory tests.  
Section 2 provides a brief presentation of the theoretical formulations for the dispersion relations 

of acoustically thick plates in contrast to the thin plate theory. Furthermore, the phase shift method 
which was used for the evaluation of the dispersion images is described.  

Section 3 describes the measurement setup, the panels tested and the process used to extract the 
elastic parameters from the dispersion relations. Section 4 discusses the results of the comparison in 
terms of the Young’s modulus   and the shear modulus   and provides an estimate on the 
uncertainty of the results calculated with the proposed method. Finally, the conclusion discusses the 
advantages and the limitations of the proposed approach and discusses potential improvements of the 
method. 

2. BACKGROUND  
2.1 Acoustically thick plates 

The dispersion relation for bending waves in acoustically thin plates is well known and given in 
Eq. (1), where  is the Young’s modulus,  the second moment of area,  the Poisson ratio and  
the surface mass of the plate. This equation is based on the Kirchhoff model of the thin plate and thus 
only holds under the assumption that shear forces are negligible.  

 

 

(1) 

The most common model for thick plates is the Mindlin model  (6), which takes shear forces into 
account. The dispersion relation for the bending waves according to Mindlin is given in an implicit 
formulation by Eq. (2). As a result of taking shearing forces into account, the maximum bending wave 
velocity  is limited by the non-dispersive shearing wave velocity which is given in Eq. (3), where 

 is the shear modulus and  the density. The longitudinal wave velocity  is given in Eq. (4), while 
the coefficient , which takes the non-uniformity of the shear stress into account, is given in Eq. (5). 
The bending wavenumber  which is used for the calculation, can be derived from Eq. (1). 

 (2) 

;  (3); (4)  

 (5) 

A simplified model for the dispersion relation was presented by Rindel (7). It is based on the idea, 
that for low frequencies the bending wave velocity shows asymptotical behaviour towards the thin 
plate model, while for high frequencies it is asymptotic towards the  shearing wave velocity. In this 
case the effective bending wave velocity is given by Eq. (6). For identical elastic parameters the 
difference between the models by Rindel and Mindlin is insignificant.  

 
 

(6) 

2.2 Phase shift method 
An efficient method to measure the dispersion relations is a multichannel analysis. From this, the 

dispersion images can be directly computed by a wavefield transformation that will be referred to as 
the phase shift method in this paper.  

The phase shift method is elaborately described and analysed by Park et. al. (8). It is based on 
transforming the recorded wavefield   from the space and time domains to the space and 
frequency domains to obtain  . Now the wavefield can be expressed as the product of the 
amplitude spectrum  and the phase spectrum  which contains the information about 
the dispersion characteristics. By applying another integral transformation, the dispersion image 

 is obtained as shown in Eq. (7).  
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 (7) 

For every frequency,  will have a maximum if Eq. (8) holds, i.e. if the measured bending wave 
velocity is employed. In case of orthotropic materials, the process must be performed in the two major 
directions. 

 (8) 

The phase shift method is most commonly applied in geophysics and used for the measurement of 
the dispersion characteristics of surface waves (9). In acoustics similar methods have been applied 
and are best known as inhomogeneous wave correlation method or spatial Fourier transform (10). 

3. MEASUREMENT SETUP 

3.1 Testing configurations and procedure 
Table 1 - Description of the panels tested. 

Panel 
Thickness 

[mm] 
Layer 

composition 
Emajor 

[MPa] 
Eminor 
[MPa] 

fc,major 
[Hz] 

fc,minor 
[Hz] 

Orthotropic 

factor 

1 180 40-30-40-30-40 10914 2086 73 167 5.2 

2 180 40-30-40-30-40 10914 2086 73 167 5.2 

3 120 40-40-40 12519 481 102 520 26.0 

4 220 60-30-40-30-60 11857 1143 57 184 10.4 

5 100 30-40-30 12168 832 124 475 14.6 

6 100 30-40-30 12168 832 124 475 14.6 

7 160 40-20-40-20-40 11578 1422 80 227 8.1 

8 140 40-20-20-20-40 12015 985 89 312 12.2 
 
In total, eight different CLT-panels of varying specifications and overall dimensions were tested. 

The characteristics of the different panels are shown in Table 1. Additional differences between the 
panels were the surface quality, which influences the moisture content of the wood and the wood 
species, which was spruce or pine with densities of 470 and 500 kg/m3 respectively.  

All panels were tested directly as they came out of the production line, before they were loaded 
for shipping. To ensure comparable boundary conditions, all panels were simply supported on two 
edges by two beams with cross sections of 9x9 cm. Two additional layers of expanded EPDM rubber 
were used for decoupling between the panel and the support. Since all CLT panels are made from an 
odd number of layers of orthogonal planks, they are inherently orthotropic . The stiffer direction of the 
panels will be referred to as x-direction. 

 
Figure 1 - Measurement setup for the bending wave velocity in x-direction. 
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The measurement setup for the multichannel analysis is shown in Figure 1. In total, only four 
channels were recorded for the measurement: one instrumented hammer and three accelerometers. All 
channels were recorded through a signal conditioner (PCB 482C15) connected to an RME Fireface 
802 soundcard running at 192 kHz. The data was recorded in MATLAB® with the help of the ITA-
Toolbox (11). The accelerometers (PCB 352C33) were placed in a line with 3 cm between each other 
and fixed to the panels with wax. Their position was chosen with a sufficient distance to the boundaries, 
hence the influence of boundary conditions and reflections could be minimized. The instrumented 
hammer (APTech AU02) was equipped with a rubber tip, so no dents were made in the wood, and 21 
hits were executed on a previously drawn grid as shown in Figure 1. In the case of particularly small 
panels, it was made sure, that the distance between the last hitting point and the boundary was at least 
0.7 m because otherwise negative effects caused by reflections showed. By aligning the recorded data 
of each hit in the time domain, an equivalent to a 64-channel measurement was created. 

From the measured data, the dispersion images were calculated using the phase shift method.  

3.2 Intermediate data processing 

 
Figure 2 - Dispersion relation measured for panel 8 (parallel to grain) and fitting with theoretical models. 

Once the dispersion images were calculated, the experimental data was fitted with theoretical 
models to provide an estimate of the E and G moduli. Figure 2 shows the dispersion image for panel 
no. 8 in the x-direction. All circles represent the maximal value of the dispersion images for each 
frequency and thus the measured velocity for that frequency. It can be seen, that there are some 
spurious values and hence before the fitting, the data needed to be cleaned. The process is briefly 
summarized below.  

1) A first selection of points was performed based on the fact, that  is limited by . Because 
of that, a value sufficiently higher than the expected  value could be used as the upper limit 
above which all points got discarded. Further boundaries were chosen such that the influence 
of higher modes and aliasing effects could be minimized. The points discarded in step one are 
plotted in grey. 

2) A preliminary fitting using Rindel’s simplified model was performed. 
3) All points that deviated past a certain threshold from the first fitting were discarded. These 

points are plotted in black. 
4) Based on the second selection of points (red), the data was fitted with several models including 

Mindlin’s model and Rindel’s simplification. The Poisson ratio was kept fixed to 0.3.  
5) Another fitting was performed with the same models and selection of points, only this time the 

Poisson ratio was included as a variable in the fitting. 
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4. DISCUSSION OF THE RESULTS 

4.1 Comparison of E and G  
All theoretical models used for the fitting of the data fit the measured dispersion images well, as 

can be seen for Rindel and Mindlin models in Figure 2. The measured values of the elastic parameters 
show differences between the models. The estimated values for the elastic parameters according to 
the models from Rindel and Mindlin of panel no. eight are shown in Table 2. For the two models the 
fitting was executed both with a Poisson ratio ( ) fixed to 0.3 as well as with  as a parameter for the 
fitting. Rindel’s simplified model showed spurious behaviour when   was used as a variable, 
returning values out of the physically sensible range, while the dispersion of the elastic parameters 
for repeated measurements estimated with Mindlin’s model with variable  was bigger than with 
fixed . This might be due to not restraining  during the fitting process and allowing different ratios 
among the different directions. Because of that, the values for the elastic parameters with variable  
were discarded and are not included in the further discussion.   

The comparison of the remaining results shows a deviation between the repeated measurements of 
up to 20 %. This fact is discussed in section 4.2. All models deliver similar values with deviations 
smaller than 20 % for the elastic parameters with very few exceptions. Rindel’s model generally 
delivers slightly lower values for both E- and G-modulus compared to Mindlin’s. A graphical 
representation of this behaviour is given in Figure 3, while the tabular data for one panel is given in 
Table 2. Contrary to the variations in the elastic parameters, the estimates for the critical frequencies 
are very close together, both among the repeated measurements as well as between the different 
theoretical models.  
Table 2 - Comparison of the measured elastic parameters for panel no. 8 from two repeated measurements. 

Model Rindel Mindlin 
Measurement  1 2 1 2 

Emajor [MPa] 2914 3314 3310 3734 

Eminor [MPa] 1046 923 1153 1055 

Gmajor [MPa] 372 352 424 402 

Gminor [MPa] 173 205 200 242 

Orth. factor (E) 2,8 3,6 2,9 3,5 

Orth. factor (G) 2,1 1,7 2,1 1,7 

fc,major [Hz] 188 180 188 176 

fc,minor [Hz] 344 352 356 356 
 
Comparing the measured data to the values given in Table 1 shows greatly different results. In 

general, the tested panels can be divided into two different groups with a different behavior: the thick 
panels, consisting of five layers, and the thin panels, made from three layers of planks. For one panel 
of each group, a graphical comparison between the measured values and the datasheet values is given 
in Figure 3 in form of a radar chart. 

In the group of the thick panels the measured values for Emajor are generally much lower than the 
ones given in the datasheets. The measured values range from 60 to 70 % lower than the datasheet 
values, with higher deviations for higher orthotropic ratios. The measured values for Eminor on the 
other hand are very close to the datasheet values, averagely being around 10 % higher. However, there 
are deviations of up to ±15 % between the different tested panels, without any obvious correlation to 
the orthotropic factor.  

Looking at the measured shear moduli in the group of the thick panels, there are huge devia tions 
from the datasheet values. On average the measured Gmajor is almost one order of magnitude smaller 
than the datasheet value, again with larger differences for higher orthotropic factors. This difference 
is smaller for Gminor with a deviation of less than -50 % from the datasheet. 
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Figure 3 - Radar charts comparing the measured elastic parameters to the datasheet values for a 5-layer 

panel (top) and a 3-layer panel (bottom). For better comparability and legibility, the axes have been 
converted to a dB-scale relative to the datasheet value. 

 
All this leads to a reduction of the measured orthotropic ratios down to between one quarter and 

one third of the datasheet values in terms of Young’s moduli and an even bigger reduction to less than 
one quarter of the datasheet values in terms of shear moduli. The biggest dispersion in the data can be 
found in the measurements of Gminor and thus also in the orthotropic factor derived from the shear 
moduli. This is because the evaluation of the shear modulus is mainly influenced by the measured 
velocities for higher frequencies, which are particularly noisy in the y-direction. 

In the group of the thin panels the general picture is similar, but there are some exceptions. While 
the measured Emajor is still smaller than the datasheet values, the deviations are not as drastic with 
only -35 % for very high orthotropic factors. In terms of Eminor there are pronounced differences 
towards the thick panels. The measured values are up to 100 % higher than the datasheet values, again 
in case of the highest orthotropic factor.  

Looking at G-moduli, this behaviour repeats in the less stiff direction with measured Gminor being 
higher than the datasheet value. In the stiffer direction the shear modulus is one order of magnitude 
smaller than the datasheet value, like with the thicker panels. This leads to an orthotropic factor of 
more than one order of magnitude smaller than the given value in terms of shear moduli. In terms of 
Young’s moduli, the values are again around one third of the datasheet values. All in all, for the thinner 
three-layer panels the deviations between the theoretical models as well as among the repeated 
measurements are a little smaller, than for the thicker panels consisting of five layers. 
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One possible reason for the deviation of the measured elastic parameters from the datasheet values 
lies within the fact, that for the dynamic and non-invasive testing, the achievable strains are extremely 
small in comparison to the classical methods for the evaluation of the elastic parameters. Assuming 
that there is nonlinear behaviour in the stiffness of the wood, this is a possible explanation for the 
underestimation of the elastic parameters in the stiffer direction, which is especially apparent f or the 
thicker panels.  

4.2 Evaluation of the uncertainty of the measure and presentation of the hitting accuracy 
As already shown in section 4.1, the values of the elastic parameters show deviations of up to 20 % 

between repeated measurements on the same panel. This limits the validity of the measured data, as 
well as the ability to measure small changes in the parameters.  

One contribution to the uncertainty of the measurement can be found in the hitting accuracy. Since 
the instrumented hammer is operated by a person and the panel needs to be hit in several different 
points, there will be aberrations from the ideal hitting points. To investigate the amount of aberration, 
several measurements with a steel tip on the instrumented hammer were performed on a dummy panel. 
The steel tip left noticeable dents in the wood, such that the distance between the centre of the dent 
and the intended hitting point marked on the grid could be measured. This was done  for both the 
longitudinal and the transverse deviations for 210 hitting points. The results are shown in Figure 4. 
The average absolute error is 1.9 mm and close to a normal distribution. Although less than two 
millimetres seem to be a small error this already represents almost seven percent of the distance 
between the accelerometers, making up a potential source for the noisy data  and thus, the poor 
repeatability. Another potential source for noisy and dispersive data is the hitting strength. Especially 
for the thicker panels a compromise between exciting the panel properly and not leaving dents had to 
be made, with the priority in not leaving any dents in the panel.  

 
Figure 4 - Distribution of the aberrations from the actual hitting points in longitudinal, transverse and 

combined directions from the grid. 
 

Another potential problem is the placement of the accelerometers, both in terms of noise in the 
data as well as the reproducibility. The accelerometers needed to be fixed to the panel for e very 
measurement and although great care was taken to place them as accurately as possible, small 
variations in the sub millimetre range can not be ruled out. The problem with this error is that it is 
constant for all hitting points and not statistically evening out over the course of the measurement like 
the error regarding the hitting accuracy. Hence, even smallest deviations in the placement of the 
accelerometers might cause a significant variation in the results, especially in combination with the 
non-infinitesimal dimensions of the accelerometers and their inherent measurement uncertainty. 

As noted in the beginning of this chapter, the data is especially noisy in the very low as well as in 
the upper frequency range of the measurement. In the low frequency range this is due to the 
pronounced modal behaviour of the CLT panels in that frequency range and the limited total length 
available for the measurement. Less than two meters of total distance were covered by the 
measurement and the dispersion image gets noticeably noisier as soon as the wavelengths start to get 
into that range. As a possible reason for the suboptimal behaviour for frequencies above 2 kHz aliasing 
was already mentioned. Checking with the measured data it can be seen that this should not be an 
issue since the shortest measured wavelengths were larger than 15 cm, while the spac ing of the 
accelerometers with 3 cm is sufficiently smaller. 

Summing up these factors leads to a noticeable uncertainty in the measurement of the dispersion 
images and thus the bending wave velocity. Additionally, the elastic parameters are extremely 
sensitive to small changes in measured velocity, for example the Young’s modulus depends on the 
fourth power of . 
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5. CONCLUDING REMARKS 
A quick and non-inversive measurement method for the evaluation of the dispersion relation and 

thus, the elastic parameters of CLT-plates has been developed. By performing a multichannel analysis, 
that was optimised in terms of required channel count and measurement time,  and processing it with 
the phase shift method, the dispersion images were obtained. From this, with the help of theoretical 
models for the acoustically thick plate, the elastic parameters of the tested panels were evaluated. The 
different models provide similar results, suggesting that the measurement method is valid. O n the 
other hand, the measured values of the elastic parameters strongly deviate from the values given in 
the datasheet of the panels, although the deviations seem to follow a certain pattern. Generally, the 
measured values tend to be smaller than the calculated ones, which is especially apparent in the stiffer 
direction, leading to smaller orthotropic factors of the panels. In terms of the shear moduli this 
behaviour is even more pronounced, than for the Young’s modulus.  

As of now the accuracy and reproducibility of the proposed method is insufficient. Repeating 
measurements on the same panels showed deviations of up to 20 % for the elastic parameters, which 
renders the results of the measurements questionable. Small changes in the panel properties can not 
be measured reliably, while the big deviations between the repeated measurements make finding 
correlations between the orthotropic factors, the number of the panels and the elastic parameters 
difficult. Therefore, the collected data are not yet sufficient for finding improved models for the 
prediction of the acoustic behaviour of CLT-panels. On the upside, the measurements provide accurate 
results for the critical frequencies, with small deviations between different models and repeated 
measurements. 

The main reasons for the deviations between the measurements seem to be the accuracy of the 
hitting with the instrumented hammer, as well as the placement of the accelerometers, which may be 
greatly improved on, by automating the process. 
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Survey method for rubber ball impact sound 

Jeong-Ho Jeong1 
1 Fire Insurers Laboratories of Korea, Republic of Korea 

ABSTRACT 
Rubber ball impact sound was standardized in ISO standard as for precision and engineering method in ISO 10140 series 
and ISO 16283-2. Also, a single number quantities for rubber ball impact sound is standardizing. In order to improve low-
frequency impact sound isolation performance, quality control in a construction site is one of a necessary point to get reliable 
isolation performance. A survey method for airborne and light-weight impact sound was regulated in ISO 10052. However, 
a survey method for rubber ball impact needs to be proposed. To proposed survey method for rubber ball impact sound, the 
proposed method should be correlated well with measurement results which were measured with precision or engineering 
method. In this study, field measurements were conducted using KS F 2810-2 with five impact positions and five receiving 
points in Korean apartment buildings and the results were compared with survey method results which are extracted from 
the field measurement results. 
 
Keywords: Rubber ball, Floor impact sound, Survey method, Quality Control 

1. INTRODUCTION 
Rubber ball impact sound isolation performance can be measured in laboratory and field conditions 

according to ISO 10140-3 or KS F 2810-2, ISO 16283-2 respectively. In order to measure the rubber 
impact sound isolation performance the centre point and 3 ~ 4 boundary points of the upper unit are 
used for impact points. Also spatially averaged from measurement results at centre points and 3 ~ 4 
receiving points of the lower unit of apartment buildings. In Korea, the height of the receiving point 
is from 1.2 m to 1.5 m from the floor (see Figure 1. (a)). Floor impact sound isolation performance 
measurement method for the floor system of the apartment buildings or resilient material using rubber  
ball is a method for precision or engineering methods and requires a lot of time and high -quality 
measurement equipment. A study (Ming Li, 2014) was carried out to simplify the measurement method 
with time and equipment in case of light-weight impact sound. 

In general, noise or sound measurement methods are classified into Accuracy Grade 1, 2, and 3 
according to the level of accuracy. Survey measurement methods are based on precision or engineering 
measurement methods and are defined as methods to be used for product screening and quality control 
by deriving simple measurement methods. Many studies have been carried out to improve the floor 
impact sound isolation performance and various floor impact sound isolation system have been 
developed, however, it has been reported that there is a large variation in performance between each 
apartment unit and quality control of construction stage and after  the installation of finishing materials. 
In recent years, there has been an increasing interest in the quality control  of floor impact sound 
isolation system to minimize such construction variations.  

The survey method of light impact sound using a tapping machine was standardized in ISO 10052. 
Survey method of light-weight impact sound standardized to generate a light-weight impact sound at 
two or three points and a sound level meter in a lower receiving room to hold a space average of the 
arm length for about 30 s. Test results by ISO 10052 are reported to be similar to those measured by 
engineering measures (ISO 140-7) (Chiara M. Pontarollo, Antonino Di Bella, 2013). However, there 
is no study on the survey method of the rubber ball impact sound. 

In this study, the results from survey methods that can be used for the quality control of floor 
impact sound isolation system in the field condition were compared with the results measured 
according to KS F 2810-2. As a simple measurement method for the quality control of the rubber ball 
impact sound, the measurement was made at the center of the lower receiver room, and the case  of 
having the center point in the upper room was compared with the case of having the center point and 
one boundary point.
                                                        
1 jhjeong92@gmail.com 
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2. SET UP FOR SURVEY METHOD OF RUBBER BALL IMPACT SOUND  
In order to compare the measurement method of rubber ball 

impact sound, the impact sound of the rubber ball was measured 
according to KS F 2810-2 for the apartment buildings where the 
finishing was completed and the floor finishing material was not 
applied; where resilient material for reducing rubber ball impact 
sound and mortar only. The measured buildings where were all about 
270 m2 wide and from three to nine units were measured for each 
floor plans. For comparison of the survey method, the rubber ball 
impact sound level was compared between the impact point and the 
receiving point for the unit of the upper and lower generations (see 
Figure 12). In Figure 1, I1 is the centre point, I2, I5 are the two points 
located inside the apartment house, and I3 and I4 are the points 
located on the window side. In the case of the receiving point, R3 is 
the centre point, R1 and R5 are the indoor sides, and R2 and R4 are 
the outer window side. 

As shown in Figure. 2, the difference between the average 
frequency characteristics and each impact points was small in the 
case of the impact point on the window side (I4) in both cases where 
finishing materials were applied and not applied.  

 
(a) With finishing materials     (b) Without finishing materials 

Figure 2 Averaged rubber ball impact sound pressure level at 5 impact positions in upper units 

 
(b) With finishing materials     (b) Without finishing materials 

Figure 3 Averaged rubber ball impact sound pressure level at 5 receiving positions in lower units 

Figure 1 Measurement setup 
for rubber ball impact sound 

according to KS F 2810-2  
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Previous studies on the survey method of light-weight impact sound have shown that the I2 position 
is suitable for survey method. Figure 3 compares the measurement results of the receiving points with 
the average spectrum, and the centre point (R1) and R4 point have the most similar characteristics. 
The impact point location for the survey method of rubber ball impact sound was compared and 
analyzed with the centre point (I1), I2, I4 position. In the case of receiving points, the centre  point 
(R1), and R4 point was used. The combination of the impact point and the receiving point is composed 
of six cases and was shown in Figure 4 

 

 
(a) Centre to Centre     (b) Centre to Centre+R4     (c) Centre +I2 to Centre   

 

 
(d) Centre + I2 to Centre + R4  (e) Centre + I4 to Centre  (f) Centre + I4 to Centre+R4 

Figure 4 Impact and receiving point setups for the comparison of the survey method of rubber ball 
impact sound  

 

3.  COMPARISON BETWEEN SURVEY METHODS 
The results of the precision measurement and the survey method were shown in Figures 5 ~ 6, 

respectively. In ISO 10052, the difference in sound pressure level between the results measured by 
the survey method and those measured by the precision or engineering measurement method is shown 
to be within ± 2 dB. Therefore, the limit of the difference between the proposed method and the KS F 
2810-2 was set to ± 2 dB. 

Figure 5 shows the analysis results for the 25 apartment units with 4 kinds of floor plan where 
installation of finishing material had been completed. In the combination of the six survey methods, 
it was found that there was a difference of less than 2 dB in the frequency range over 63 Hz bands. In 
the case of the impact point, the difference was small when the impact points were center point (I 1), 
the center point (I1) and I4 point. In addition, it was found that the difference became smaller when 
boundary receiving point (R4) and center receiving point (R3) were included as receiving points. 
When the centre impact point (I1) and I4 point were set up as impact points and the center point (R3) 
and R4 were set up as receiving points, most of the differences are distributed within 1 dB range. 
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(a) Floor plan A     (b) Floor plan B 

 
(c) Floor plan C     (d) Floor plan D 

Figure 5 Comparison of rubber ball impact sound pressure level characteristics of the apartment 
units with finishing materials between the results of the engineering method (KS F 2810 -2) and 

proposed survey methods 

 
(a) Floor plan A     (b) Floor plan B 

 
(c) Floor plan C     (d) Floor plan D 

Figure 6 Comparison of rubber ball impact sound pressure level characteristics  of the apartment 
units without finishing materials between the results of the engineering method (KS F 2810 -2) and 

proposed survey methods 
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Figure 6 shows the results of analysis for 15 apartment unit without finishing material with 4 kinds 
of floor plans. In this cases of floor and wall cladding and some doors not installed, therefore the 
difference between engineering method and survey method was larger than in the case of the apartment 
house where the finishing materials were installed (see Figure 5). In the case of center impact point 
(I1) and receiving center point (R3), the differences were often larger than 2 dB. When the I2 point is 
added, the difference between the frequency bands was became larger. When the I4 is added, the level 
difference became smaller than that of I2. There was a tendency, as in the case of apartment unit where 
finishing materials were installed (see Figure 5), that the level difference in the measurement band 
was reduced when the central point (R3) and R4 are calculated together.  

In the case where the impact point and the receiving point are set as a centre point, the level 
difference from the overall measurement result was sometimes larger than 2 dB. The point where the 
impact point or the receiving point is selected most similar to the engineering measurement result is 
within 2 dB difference. In the case of two impact points including the centre point and two receiving 
points including the centre point, the level difference from the engineering measurement result is less 
than 1 dB. As a survey method for measuring the rubber ball impact sound, it was considered 
appropriate to impact and receive at two points including the centre point  or the centre point. It is 
necessary to indicate that the level difference may deviate from 2 dB in case of the centre to centre 
case. It can be recommended that the method of receiving at two points including the centre point and 
impact at two points including the centre point because the level difference was smaller than other 
survey method setup. 

 

4. RRESUTLS AND DISCUSSION  
According to the measurement method of KS F 2810-2, there are five impact points including the 

centre point and five receiving points containing the centre point. The difference between the 
measurement results obtained by KS F 2810-2; engineering method, method and the results of the six 
survey methods were calculated and compared. It was found that there was a difference of less than 
2dB between the centre impact point to the centre receiving point and engineering method. However, 
the difference between the centre impact point to the centre receiving point was larger than 2dB. In 
case of adding one impact or receiving point with the most similar characteristics to the engineering 
measurement results, the level difference from the engineering measurement result was less than 2 dB. 
It is analyzed that the level difference was about 1 dB in the entire frequency band when calculated 
with the setup with two impact points including the centre point and two receiving points including 
the centre point. 

 
Table 1 – Single number quantity correlation coefficient and the level difference of rubber ball 

impact sound pressure level between engineering method and survey methods  

Case  
With finishing materials Without finishing materials 

Correlation 
coefficient 

Average of level 
difference 

Correlation 
coefficient 

Average of level 
difference 

Case 1 0.617 -0.04 0.789 -2.49 
Case 2 0.679 0.03 0.817 -1.17 
Case 3 0.718 0.44 0.904 -0.69 
Case 4 0.868 0.56 0.959 -0.05 
Case 5 0.694 0.41 0.853 -1.04 
Case 6 0.800 0.44 0.840 -0.08 

 
Along with the characteristics of each frequency band, the important measurement result is a single 

number quantities. Table 1 shows the correlation between the single number quantities calculated from 
the engineering measurement results and the single number quantities calculated by the six survey 
methods. Results of correlation analysis showed that increasing the number of impac t points and the 
number of receiving points increased the correlation coefficient with the single number quantities of 
the measurement results with the engineering method. 

In the case of the difference of single number quantities for the six survey methods for two 
apartments buildings by the presence of the finishing materials, the correlation analysis showed that 
the case where only the centre point was impacted and received; Case 1, the average single number 
quantity difference was the smallest, but the average difference was the largest in the apartment where 
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the finishing materials were not installed. The condition with the smallest average difference of the 
single number quantities by the presence or absence of finishing was Case 6, which was excluded 
from the central point and one additional point. Correlation analysis for single numerical quantities, 
average level difference and characteristic difference analysis by frequency band can be recommended 
as a survey method for the center point and the method of impact and receiving at one additional point. 
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ABSTRACT 
In this paper we discuss the requirements of the generic international standard (ISO, BS EN ISO 

10140) for testing of sound transmission through sample roofs exposed to simulated rainfall and of 
lessons learned during a recent test program. The test data forms the basis for calculating in -situ sound 
levels in rooms beneath the roof and we discuss the differences in sound produced by simulated rain to 
that of natural rain.  The differences in impact velocity and raindrop distribution between simulated 
and natural rain are key factors that are not addressed by the Standard.  In addition, an optional 
normalization test using a pane of glass is included, for the explicit comparison of products tested and 
as quality control for test laboratories, and its results have been incorrectly shown in some 
manufacturer’s publicity material as the basis for calculating room sound levels.  The Standard does 
not specify whether the normalization test should be carried out as a skylight or as glazing but the two 
tests have different requirements. Being optional and intended for inter-lab comparison suggests that 
the normalization data should not be released to clients as it is misleading and thus should be excluded 
from reporting. 
 
Keywords: rain noise, roof systems 

1. INTRODUCTION 
Depending upon the listener’s contextual situation, noise generated by rainfall can be soothing or 

annoying.  Lengthy You Tube videos and mp3 audio are available (1) for playing rain noise to support 
relaxation, yet in other circumstances the same sound masks communications and becomes a nuisance.  
It is in this latter context that we report on the incidence of rainfall on metal roofs supported by 
structural insulated panels (SIPs) forming the roof of an interior space in a building.  These panels are 
composite structures typically consisting of a soft elastic core bonded to stiff facing panels such as 
oriented strand board, magnesium oxide board and plywood.  The intrinsic mass is low and the 
consequent poor acoustic insulation properties may lead to high levels of rain induced noise in the 
building’s interior rooms.  The rooms in question could be classrooms or open learning spaces where 
good conditions for communication for teaching are paramount (2). 

 
Figure 1 shows the typical form of response curve for the sound transmission loss characterist ic of 

foam cored SIPs.  The dips at frequencies around 630 Hz and 3150 Hz control the STC rating for the 
panel. The response in the range of 630 Hz is a bounce mode of the masses of the facing panels on the 
springy foam core.  Adding mass layers (as in the red curve in Figure 1) to improve the transmission 
loss rating also stiffens the panel but the upper and lower modal frequencies are relatively unchanged.  
The second mode frequency is reduced as there is an inverse linear relationship between frequency and 
added mass as the core spring stiffness is unchanged. The effect on the NC rating due to rain noise, as 
determined for a room where SIPs are used in a roofing application, can be seen in Figure 2 , plotted for 
rain noise. Clearly, the resonance mode in the 630 Hz region is limiting the rating for the room.   

Rain noise is the result of vibration of the surface on which the rain falls and as it propagates 
through the surface and structure its character is changed by the structure’s mass, material damping 
and resulting energy loss.  Currently SIPs offer little in terms of acoustic attenuation and must be 
treated by adding surface mass layers such as plasterboard, medium density fibreboard (mdf) or 
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plywood and/or damping materials (membranes, paints).  Alternative methods of damping and 
surface treatment reported by Wawrzynowicz et. al. (3) showed mixed results. 

 
Figure 1 - Typical sound transmission loss curves for SIPs – blue broken line is bare SIP, red line is SIP with 

one layer direct fixed plasterboard.  

 
Figure 2 - Sound level in a room with a SIP roof exposed to rain noise. The broken line represents a SIP with 

additional face treatments and the red line shows the effect of adding insulation (with a suspended ceiling).   

2. RAIN 
Rain is a form of impact loading, generating noise by the excitation of vibration of roof panels by 

the dynamic force exerted by the falling droplets.  The size of raindrops varies in natural rain and is 
related to the intensity or rainfall rate.  Rain is classified as light, moderate, heavy or intense.  In the 
laboratory, simulated rain as defined in Standards (4) is classified as moderate, intense, heavy or 
cloudburst, and is generated in the laboratory as a means to make observations under reproducible and 
standard conditions.  It does not correlate well with natural rain but the spectral character of the noise 
is consistent, whilst the sound level is at variance.  The impacting raindrops excite the natural modes 
of vibration of the exposed roof panel and the resulting motion is radiated as sound.  Lower frequency 
modes require higher input energy to excite and so may not be present in low intensity rain.  The 
modal frequencies of the roof structure are determined by the mass, boundary conditions (screw or nail 
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fixing and their spacing), the spacing and material of the purlins, and system damping (overlap joints, 
membranes, material).  For a given installation an increase in rainfall rate consequently leads to 
higher noise being generated.  The construction and installation of the sample for testing must be as 
close as possible to the actual site installation to provide any confidence in the accuracy of predictions 
of sound levels from the test results.  The curtain wall that supports the sample should have a similar 
construction to the exterior walls of the building design and the junction between the test sample and 
the wall should be as similar as possible.  This becomes a test on the structure rather than simply the 
roof section.  Altering boundary conditions where the roof sample joins the supporting curtain wall 
alters the response characteristics of the roof sample and so the sound produced will be different than 
under actual site conditions making predictions difficult and erroneous.    
 

Simulated rain is different from natural rain as it seeks to standardize a testing method.  Simulated 
rain must comprise 50% of the volume flow of droplets of the same size and have a specified impact 
velocity where in natural rain the drop size distribution is related to rainfall rate and therefore each 
event will have a different impact velocity distribution (6). 

 
Rain noise testing is carried out to the international standard BS EN 10140-Part 1, Appendix-K (4).  

Parts 3 and 5 of the older standard ISO 10140 are referenced in the test methodology (5,7), and details 
of the drip tray for generating water droplets is detailed in amendment 1 to part 5  (8).  This includes 
a table where the hole size and number of holes per unit area is given, but surprisingly there is no 
specification of the hole entry and exit conditions.  The holes are 1 mm diameter so small enough for 
surface tension and edge effects to play a significant role in capillary flow and drop formation (9). 

 
The laboratory test for a roof system uses a drip tray whose area is only a fraction of the test sample 

area and three test positions are required – not overlapping and offset from the centre to avoid 
symmetry. The size of the drip tray given in the Standard is 1.25 m x 1.3 m (1.625m2) that has 
approximately 60 holes/m2 – and the standard states “a random distribution is preferred.”  The figure 
in the Standard shows division of the tray into 100 rectangles each with a single hole – the pattern 
appears to show each hole in one of four positions within the rectangle and so not t ruly random.  We 
determined that no hole should be closer than 10 mm from a wall of the tray so that the area over the 
holes is 1.56 m2 and the number of holes/m2 is 64.  One possible sample hole pattern is shown in 
Figure 3: 

 
 

 
Figure 3 – Sample of random hole positions for the drip tray. 

 
The required rainfall rate is 40 mm/h, that is, collected over a period of one hour, the depth of water 

over the area of the trip tray will be 40 mm.  Thus the volume flow required is (1.56 x 0.04) or 0.0624 
m3/h.  The flow through each hole is 1/100 of this, i.e. 6.24E-4 m3/hole. The volume flow is: 
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 Equation 1 

  
where is the product of the flow coefficients for entry, discharge and velocity conditions 

respectively, A is the cross-sectional area of a hole, m2, and  is the depth of water in the drip tray, m.  
Thus, 

 
 Equation 2 

  
and inserting values gives  mm.  A value of K = 0.8 has been assumed here 

but this could easily be as low as 0.5 if the edges of the holes are sharp (9).  It should be noted that the 
depth of water required is very shallow compared to the dimensions of the tray and levelling must be 
precise in order to obtain uniform drip formation across its area.   Increasing the depth of water in the 
tray will increase the flowrate and lower the drip size, or lead to stream flow if too deep. 

 
Water droplets form at the exits from the holes and detach when their internal pressures generated 

from their mass and gravitational force exceeds the capacity of surface tension to keep them intact. 
Assuming a spherical droplet, the force due to surface tension is given by the expression: 

 
 Equation 3 

  
where γ is the surface tension, r is the radius of the water droplet, m.  This force is balanced by the 

gravitational force  due to the mass of water in the droplet and so:  
 

 Equation 4 
  

Inserting values gives d = 0.0047 m or 4.7 mm.  Thus, assuming the correct head of water, drips 
will naturally form at the exit of the holes that are approximately the correct size.  

 

3. SOUND GENERATION 
Sound is generated by the impacting droplets exciting vibration of the roof surface. Some sound is 

radiated into the environment and some passes through the structure into the space below.  The latter 
is the portion we are mainly interested in, but in-situ flanking issues may also require examination of 
the former.  Predicting the level of sound propagating through roofs has been researched for many 
years and remains a task to be solved as the level of confidence in results from the process is 
questionable (10).  Approximate solutions have been suggested but no reliable method has evolved.  
There are several reasons for this but the main ones are the inability to model a flexible orthotropic 
composite panel system in a simple manner, defining the characteristics of the impact force on a 
flexibly mounted surface, and the effects of pooled or run-off water that is on the roof surface.  The 
response of the roof system is dependent upon the materials used, the method of construction and the 
boundary conditions - and these are far from simple.  In addition there is the difference between 
natural rain and simulated rain and yet there appears to be an expectation that a laboratory test will 
give the expected noise characteristics for the roof system directly.  

Testing is still the best way to achieve any certainty in forecasting the sound levels in rooms below 
a specified roof but it is expected that different laboratories will get different results for the same 
product.  This is because the results are dependent upon the degree of care in preparing and installing 
the sample and the degree to which the boundary conditions will match those resulting from site 
construction – in addition to the variable nature of the drip tray.  Following testing, the laboratory 
provides the value of the averaged sound intensity measured for rainfall over three test positions.  
This is a small percentage of the total area of the sample and so the reported intensity must be scaled up 
as if rain fell on the whole sample. The data must be further modified to suit the dimensions and 
acoustic character of the room where a prediction is sought, and then further modified to allow for 
natural rain in lieu of simulated rain – since simulated rain has a lower terminal velocity and different 
spatial and temporal characteristics. 

The standards include an optional reference test using a glass pane for quality control and in order 
to compare results from different laboratories.  The way in which this pane is actually mounted and 
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tested however is not specified and yet a table of reference values for sound intensity is given and the 
test results are compared to this and ‘correction’ factors derived.  These factors are then applied to 
rain noise test results for sample roofs tested in the same lab.  The mounting conditions are different, 
the exposed area is different and the angle of the surfaces may be different, so we are unsure of what 
the rationale behind applying the ‘corrections’ is.  In two instances we know of, this exercise returned 
lower values of intensity (LInorm) than the measured values (LI) and the clients have published the 
lower values as a basis for room calculations.  In one case the laboratory report only showed the LInorm 
result.  Clearly, since the glass pane test is optional it cannot be the basis for room calculations - nor 
for intercomparisons of product tests between laboratories as the mounting conditions are not fully 
specified. Appendix I of [5] explicitly states that the glass pane is for reference use. 

The education sector in many countries now specify sound levels to be achieved in learning spaces 
and so if remedial costs are to be avoided (after site testing) then predictions of sound levels and 
testing need to be more reliable and reproducible. 

 

4. EXAMPLE SIP 
A sample roof construction from 265 mm thick SIP was tested under simulated rainfall of 40 mm/h.  

A 0.55 mm metal tray roof mounted on cavity battens on a waterproof membrane was laid over the SIP 
and a suspended ceiling installed below, carrying 50mm thick mineral fibre tiles.  Standard details 
were used for all construction.  For predictions a learning space of 200 m2 was used with a volume of 
800m3 and reverberation times of 0.6 s (100 to 500 Hz) and 0.4 s (600 to 5000Hz). The results are 
shown in Table 2. 

 
Table 2 - Application of test results for metal tray roof over a structural insulated panel roof 

NOTE: * The ‘correction’ for natural rain consists of -3.6dB for the difference in drop size 

 From the test sample   
 
 
 

 is from test SPL or measured 
directly. 

, where 
 is the roof sample area, m2 
 is the reference area for rainfall 
= (1 m2). 

 is the sound power radiated by the 
roof system into the room (area SR) 
and is given by: 

and then 

where V is the room volume (m3), and 
T60 is the reverberation time (s). The 
addition of 1.7 dB is for natural rain 
(4)*

1/3rd 
Octave band 
frequency, 

Hz 

Li, dB Li(s), dB Lw, dB Lp(in-situ) 

100 40.50 50.6 73.6 57.2 
125 40.90 51.0 74.0 57.7 
160 41.70 51.8 74.8 58.5 
200 44.40 54.5 77.5 61.2 
250 44.70 54.8 77.8 61.5 
315 44.70 54.8 77.8 61.5 
400 46.10 56.2 79.2 62.9 
500 45.40 55.5 78.5 62.2 
630 40.00 50.1 73.1 56.8 
800 27.40 37.5 60.5 44.2 
1000 18.60 28.7 51.7 35.4 
1250 14.00 24.1 47.1 30.8 
1600 12.20 22.3 45.3 29.0 
2000 9.80 19.9 42.9 26.6 
2500 4.90 15.0 38.0 21.7 
3150 1.50 11.6 34.6 18.3 
4000 2.10 12.2 35.2 18.9 

5000 3.80 13.9 36.9 20.6 
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distribution compared with simulated rain and +5.3dB for the terminal velocity impact of natural rain 
(6) – but note that this is based on rain in Beijing and may be different in another location.  
 
The in-situ calculated data is plotted in Figure 4 against in-situ data calculated simply from the 
reported intensity from a laboratory test without scaling for the difference between sample size and 
area of sample actually exposed to rain.  The latter is further not modified by the correction for natural 
as opposed to artificial rain. 

 
Figure 4 – Variance from NC45 curve for rain noise on a SIP showing: a) test data corrected for sample size 

and natural as opposed to artificial rain, and b) uncorrected data – based simply on intensity from the test 

report. 

 
Figure 4 shows a significant difference in reported data with one result almost compliant with the 

specified NC level for the room and the other results some10 to 12 dB above it. It is incumbent upon 
the acoustician to ensure clarity in use of laboratory data and on manufacturers to publish the right data 
– not necessarily the lowest.  Hopkins (11) sets out a methodology – but cautions on using the simple 
assumption of linearity in response of the roof system and errors that are inevitable in scaling from a 
test sample to a full size in-situ roof system. 

5. CONCLUSIONS 
The suite of standards for testing roof system exposure to simulated rain is not sufficiently clear or 

precise enough to avoid differences between laboratories nor between tests on different products in the 
same laboratory.  More control is required on the entry and exit conditions for the drip tray holes to 
ensure consistent performance.  Less noise is produced by a stream of water onto a roof surface 
carrying a film of water than is the case for dripping.  Simply measuring the flowrate as a form of 
calibration/validation is not sufficient. 

Laboratory reports need to make it clear that the reported intensity is for the sample being rain 
impacted over only a small portion of the total (unless a skylight test) , and report on the total sample 
size since it is required in order to correct  SPL for excitation over the whole sample.  Furthermore 
there seems to be no value in modifying the test data by correction factors derived from a sample glass 
pane test and issuing that data to clients.  The standard does not delineate in sufficient detail how the 
reference pane is to be mounted and tested in order to achieve uniformity between lab s – and, 
furthermore, is optional. 

Prediction of rain noise levels remains a black art but it is hoped that more testing will be prompted 
by new guidelines and specifications, such as those in the education and health sectors, the results of 
which will encourage development of more accurate models and lead to more reliable predictions. 
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ABSTRACT 
A two-rating method of evaluating impact noise isolation has been proposed by two of the authors (1), in 
which low and high-frequency components are evaluated independently. Numerous other researchers have 
investigated the issue, and although the details di er, there has been some convergence of ratings and 
classifications for low-frequency impact noise. For the high frequencies, most have assumed that the existing 
IIC/Ln,w ratings are appropriate, while the authors have proposed high-frequency ratings which are based on 
the existing ratings but with a limited frequency range of 400–3150 Hz. Analysis of impact data from floor 
assemblies common to North America shows that the proposed ratings evaluate high-frequency impact 
sources and mitigation measures better than the existing ratings. The analysis is extended to include data 
from German floor systems and heavyweight and lightweight stairs. The ratings are compared and possible 
classifications are suggested. 
 
Keywords: High-frequency, Impact, Insulation,  

1. INTRODUCTION 
Most current classifications for impact noise insulation in multifamily housing is based around 

Impact Insulation Class (IIC) per ASTM E989 (2) or Ln,w per ISO 717-2 (3). These ratings are both 
based on the impact noise level in third-octave bands from 100–3150 Hz. There is agreement by other 
researchers that frequencies below 100 Hz are important for evaluating human reaction (4), but the 
existing IIC or Ln,w rating is often assumed to be suitable to evaluate the remaining frequencies. Other 
researchers are attempting to create new reference curves that include both low and high frequencies 
(5,6). 

Two of us have proposed that impact noise occurs independently in two frequency domains (1). 
While we arrived at this conclusion empirically based on our experience in field testing, theoretical 
models of impact noise lead to the same conclusion that a separate high-frequency impact rating is 
the best way to design for high-frequency impact noise sources and evaluate floor coverings.  

The work has to date been based on test data collected in North America and therefore based on 
assembly types that are common there. Other countries have different construction methods and 
traditions. Here we extend the analysis to examine some common German floor-ceiling assemblies.  

2. HIGH-FREQUENCY IMPACT NOISE 

2.1 Theoretical Behavior of Floor Coverings 
Impact noise has long been modeled by a simple impedance model (7,8). The low frequency 

behavior is defined by the momentum transfer between the hammer and the assembly; this is 
determined by the mobility of the structure, and the floor covering is unimportant . The high frequency 
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response is determined by the local compliance of the floor at the hammer location. As Watters 
emphasizes, resilient floor coverings do not, strictly speaking, isolate the system from forces, but 
reduce the generation of high-frequency vibration (8). 

Following this model, the reduction in impact noise due to floor covering (i.e., compared to the 
bare structure) can be shown to follow a simple power law with respect to frequency; that is, 

 (1)  

where  is the reduction in impact sound level at frequency f, and  is the resonance frequency 
of the floor covering. Below ,  is negligible. The constant K (i.e., the slope of the line) depends 
on the details of the product and how it couples with the subfloor. Vér derives a value of 40 for locally 
reacting resilient flooring and 30 for point-supported floors (9). ISO 12354-2 (10) Annex C 
recommends 30 for floating floors with screeds of sand/cement or calcium-sulphate and 40 for asphalt 
or dry floating floors. 

These derivations generally assume that the floor coverings are installed on a rigid, heavy structure 
such as a poured concrete slab, that is, where the mobility of the structure is much lower than the 
mobility of the floor covering. How does the theory extend to lightweight floors that  are framed with 
wood or light gauge steel joists? Unlike monolithic slabs, no analytical solutions are available ; one 
technique is to develop numerical models (11). For our purposes, we do not need to be able to calculate 
the mobility of the joist-framed structure; we can empirically determine if a similar behavior applies.  

In Figure 1 we compare the improvement in impact insulation provided by three common floor 
coverings on a 200 mm (8 in.) concrete slab and two lightweight wood-framed assemblies, one framed 
with 457 mm (18 in.) open-web wood trussed and one with 300 mm (12 in.) wood I-joists. Both have 
a thin (about 19 mm) gypsum concrete pour and a gypsum board ceiling attached with resilient channel. 
Note that the fall-off at high frequencies is due to the noise floor in the laboratory. The curves are not 
identical, and the performance is in general better with the heavyweight floor as opposed to the wood 
joist floors. However, we can conclude that the structural properties do not change the essential 
behavior of floor coverings, and that Eq. (1) is approximately correct for all structural types. 

 
Figure 1–Improvement in impact insulation (reduction in impact sound level) on three structural systems 

for carpet tile (left), luxury vinyl plank over foam mat (middle), luxury vinyl plank without sound mat 
(right). 

2.2 Proposed single number ratings 
The authors have demonstrated (1) that changes in impact sound level due to floor covering can be 

described by considering only the third-octave bands from 400 Hz and above. Although floor 
coverings with resonance frequencies below 400 Hz are readily available, due to the shape of the 
rating curve, the IIC ratings for assemblies with such floor coverings are controlled by the bands 
below 400 Hz. Therefore, while lower resonance frequencies results in better IIC or Ln,w ratings in 
general, this relationship breaks down for floor coverings with low resonance frequencies, and the 
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rating tends to stop changing even as the resonance frequency continues to decre ase. That is, the 
IIC/Ln,w ratings are not representative of the effectiveness of the floor covering.  

The authors therefore proposed a family of new high-frequency ratings to better evaluate the 
acoustical performance of floor coverings and high-frequency noise sources in general (Table 1). The 
laboratory version is called High-frequency Impact Insulation Class (HIIC). The reference spectrum 
and calculation method is the same as the existing ratings except that the lowest frequency band is 
400 Hz. The maximum deficiencies remain at 2 per band (20 total); the 8 dB rule is not implemented. 
Note that this rating can be easily calculated from existing test data, and can therefore be evaluated 
for previously tested assemblies. 
 
Table 1– Proposed family of high-frequency impact noise single-number ratings and their correspondence 

with existing ratings. 

 Rating Name Normalization Existing Ratings 
ASTM ISO 

Field  
HIR High-frequency 

Impact Rating None ISR L′w 

NHIR Normalized HIR T0 = 0.5 s NISR L′nT,w 
AHIR Absorption-normalized HIR A0 = 10 m2 AIIC L′n,w 

Lab HIIC High-frequency 
Impact Insulation Class A0 = 10 m2 IIC Ln,w 

ΔHIIC Improvement in HIIC A0 = 10 m2 ΔIIC ΔLw 

2.3 Behavior of Single Number Ratings  
Here we proceed with the assumption that Eq. (1) is accurate. Knowing the impact sound level of 

a structural system without a floor covering (measured in a laboratory), we can calculate the single 
number ratings for the assembly with a theoretical floor coverings of arbitrary resonance frequency. 
Figure 2 shows the IIC and HIIC rating of a floor as a function of floor covering resonance frequency 
for the same three structural systems referenced above. 

The LIIC rating (Low-frequency Impact Insulation Class) is also shown. This rating evaluates 
impact sound below 100 Hz; higher ratings are better. We do not discuss it further except to note that 
low-frequency impact sound is not affected by floor covering and is therefore constant in the figure.  

A very high resonance frequency indicates a floor covering with surface resilience similar to the 
bare structure. Therefore, the floor covering has no effect, and the ratings are the same as for the bare 
slab (the far right hand side of the curves are constant). Both IIC and HIIC ratings indicate steadily 
improving isolation as the resonance frequency of the floor covering decreases, but at some point the 
IIC (and equivalently, Ln,w) curves flatten. This is an illustration of the issue described above that led 
to the development of HIIC. As can be seen, the limited frequency range of the HIIC rating allows it 
to continue to accurately describe the improvement of floor coverings with low resonance frequencies.  

It is apparent from Figure 2 that the “branching point” between the IIC and HIIC depends on the 
structural assembly. The existing IIC rating performs worse with the lightweight assemblies, while 
with the concrete slab, the branching point is at a lower frequency and there is a  smaller difference 
between the ratings. 
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Figure 2 – Single number ratings as a function of resonance frequency of theoretical floor covering 
behaving as Eq. (1) for three structural systems: 200 mm concrete slab (top), 457 mm open web wood 
trusses (bottom left), and 300 mm wood I-joists (bottom right).  

3. GERMAN FLOOR-CEILING ASSEMBLIES 
The above analysis was based on assemblies common in North America. Typical German 

residential projects have concrete slab structure with an approximately 5 cm screed over various 
resilient mattings. The resonance frequencies of the floating floor can be as low as 50 Hz. In the 
shower pans, thinner resilient matting is used to accommodate the waterproofing and drainage  systems. 
There are also lateral impact issues with both concrete and wood or steel stairs mounted to the 
separating wall between units. Single number ratings for these assemblies is shown in Table 2 and the 
spectra are graphed in Figure 3. 
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Table 2– Single number ratings for some common German floor assemblies.  
Condition Ln,w IIC HIIC 

Typical living space 44 62 73 
Shower system 1 49 56 71 
Shower system 2 39 71 72 
Lightweight stair 40 66 81 

Heavyweight stair, isolated 38 72 70 
Heavyweight stair, unisolated 69 38 39 

 

 
Figure 3 – Impact spectra of the German floor-ceiling assemblies shown in Table 2. 

 
Although these assemblies have wildly different levels at the lower frequencies, they are consistent 

in the high-frequency side of the spectrum. Except for the stairs, the HIIC ratings are within a few 
points of each other. In addition, the high-frequency performance is very good. The authors had 
previously suggested (13) that an HIIC rating of 65 would be considered Preferred or Class A in the 
North American market; all of these floors exceed this rating (excluding the un-isolated concrete stair). 

For these assembly types, the high-frequency isolation is good enough (meets a Preferred standard) 
that only the low-frequency issue remains to be solved; in practice, the problem is reduced to a single 
dimension. The exception is the un-isolated concrete stair, which has, as expected, poor high-
frequency performance. Thin resilient mats are placed below the finish flooring on top of the un-
isolated concrete stair may be a situation one might observe the benefits of the high-frequency ratings 
as seen in North American assemblies. This condition is relatively uncommon. Additionally, Figure 2 
suggests that the benefit of using HIIC instead of IIC is smaller for concrete slab structures compared 
to lightweight assemblies.  

Considering these factors, therefore, it may not be surprising that researchers used to these types 
of assemblies do not experience the same motivation to improve the evaluation of high frequency 
impact noise as researchers in North America. However, this does not mean that the high frequency 
ratings should not be analyzed or reviewed, if only to ensure that the situation reduces to a single 
frequency domain. As described previously, there are strong theoretical reasons to consider impact 
isolation in two frequency domains. Design practices can change, and high frequency insulation may 
become more important in the future. 

4. CONCLUSIONS 
The theoretical behavior of floor coverings is well documented in both theory and experiment, that 

the benefit increases directly with the reduction in the resonance frequency of the floor covering. As 
the resonance frequency is lowered, IIC and HIIC are initially similar, but at some resonance 
frequency the IIC ratings levels off while HIIC continues to accurately track the floor covering. The 
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frequency at which the ratings diverge and the magnitude of the difference between IIC and HIIC 
depends on the structural system. 

Analytical expressions exist for the improvement due to floor coverings for monolithic slabs; while 
lightweight assemblies are more difficult to analyze, experiments indicate that the performance of 
floor coverings is approximately the same on lightweight assemblies as on heavyweight ones. The 
benefit of HIIC over IIC is greatest on lightweight systems.  

In the North American market, lightweight separating floor-ceiling assemblies are common, and 
the benefit of HIIC over IIC is clear. In German residences, the standard assemblies already have very 
good high frequency impact insulation due to the topside isolation common to the construction of 
these assemblies. In this condition where one frequency domain is already at the preferred state, the 
problem is reduced to a single dimension. This may reduce the motivation for improving the high 
frequency insulation metric in these markets, but it should not be ignored. Both frequency domains 
are present and should be evaluated, even if it turns out that only one will be significant, as 
construction methods change and that may not always be the case. A dual-rating method is suggested 
to better evaluate impact noise insulation over all types of building construction.  
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ABSTRACT 
During the work with the draft standard ISO/DIS 19488 for the sound classification of dwellings, several 
studies were presented with recommendations on whether 50 or 100 Hz would be the most appropriate 
lower frequency limit when evaluating single numbers of airborne sound insulation between dwellings. It 
was observed that 100-3150 Hz is the range used in almost all national building regulations, but including 
lower frequencies has been considered in some countries and are recommended for higher sound classes in 
some standards. The Swedish regulations began including evaluation from 50 Hz in 1999, which means 
there is a long-term experience from the field to support this discussion. In this paper, several single 
numbers based on field measurements are compared to subjective ratings given by the residents in a variety 
of building types. The questionnaire surveys were distributed in total 46 building objects with light-weight 
or heavy walls and floors. Several single number quantities according to ISO 717-1 were correlated against 
the ratings given by the residents. The statistical evidence for a 50 Hz limit was found to be small on the 
average, but analysing light-weight buildings separately showed an importance of including sound 
reduction indices from 50 Hz. Currently, we consider measurements from 50 Hz the best choice when good 
sound protection against music at low frequencies may occur, since it will also protect from noise at mid 
and high frequencies. If protection against disturbing speech is sufficient, measuring from 100 Hz is 
enough. In 2019-2021, about 15 surveys will be made in buildings with timber joist, CLT- or concrete 
floors. 
 
Keywords: Questionnaire survey, low frequency, single numbers 

1. INTRODUCTION 
The first modern international standard regarding evaluation of airborne sound insulation between 

dwellings was launched in 1968 [1]. The evaluation procedure was based upon a reference curve 
originating from the sound reduction properties of a 25 cm brick wall [2]. The frequency range was 
set to 100–3150 Hz and the single number quantity (SNQ) R’w – the apparent frequency weighted 
sound reduction index – was defined. Later on, complementary spectrum adaptation terms ranging 
from 50 Hz were introduced in 1996 [3] in order to take sound insulation at low frequencies into 
account. The term C50-3150 was adopted 1999 into the Swedish building code (BBR) in which 
requirements for R’w + C50-3150 were stipulated. This was a result of extensive complaints from 
residents, whereby Swedish authorities as well as the building industry realized that the legal 
regulations must be stricter. Other countries in the Nordic region chose to keep R’w but increased the 
limiting value instead. 

Up to now, Sweden is still the only country that mandatorily requires sound insulation to be 
evaluated from 50 Hz and a lot of experience has been acquired over these almost twenty years. A 
reason for Sweden being a pioneer in this context is that light-weight constructions are more 
commonly used compared to most other markets and that light-weight buildings, especially at that 
time, were prone to suffer from poor sound insulation at low frequencies.  

                                                        
1 fredrik.ljunggren@ltu.se 
2 info@simmons.se 
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During the last few years, an increased interest in low frequency sound insulation has been 
noticed. As an example, the ISO standards regarding airborne and impact sound insulation nowadays 
include a specific low frequency measurement procedure to be applied under certain circumstances 
[4]. Other examples are to be found in the great amount of research activity in the field. Several 
studies based upon listening tests have been reported (2014–16) [5–8] but also attempts to optimize 
evaluation parameters against subjective perception can be found (2016) [9,10] as well as 
questionnaire surveys (2015) [11]. A common discussion in the given studies is whether airborne 
sound insulation between dwellings should be evaluated from 50 Hz or 100 Hz.  

A broad general conclusion based upon these studies was that frequencies below 100 Hz are of no 
great importance when assessing sound insulation. This standpoint was however clearly rejected in 
the reflective paper by Rindel (2017) [12] who believes that the results of the studies in fact point in 
the opposite direction, i.e. that frequencies 50–80 Hz must be included in the single number 
evaluation. Rindel also claimed that the authors severely misinterpreted their own results and 
presented wrong conclusions. A key factor in the understanding of this problem is whether it is 
preferable to optimize the evaluation process in order to find the parameter that gives the highest 
possible correlation for a specific type of sound source (e.g. loud speech). Or, if it is better to apply a 
more protective perspective, from the resident’s point of view, leading to higher demand for sound 
insulation in terms of a broad banded SNQ that covers most sources in dwellings? Related to this, it 
is well known that various sound sources, as speech and music, put different demands on the 
frequency-weighting factor since many types of music contain proportionally more energy at low 
frequencies [13]. For the time being, it is obvious that no general consensus within the addressed 
question of 50 or 100 Hz exists.  

In this paper, the Swedish experience of evaluating airborne sound insulation is given with the 
purpose to find out whether SNQ’s ranging from 50 Hz show higher correlation against the residents’ 
rated annoyance compared to DnT,w ranging from 100 Hz. Also, the potential difference of 
correlation in between light-weight and heavyweight constructions will be covered. The following 
presentation is the compiled results from field measurements and studies of residents’ rating of sound 
insulation during more than 30 years. In the next years, about 15 surveys will be made to broaden the 
database with new types of structural systems, e.g. light-weight timber joist floors, massive CLT 
floors with various linings. A few older buildings with thin concrete floors will also be included. 

2. METHOD 
Our database contains results from six Swedish research projects amended by one consultancy 

project. It includes data from 46 multi-storey residential buildings. These buildings have a variety of 
floor structures which can be categorized as light-weight (24 almost exclusively wooden based) or 
heavy concrete constructions (22). The projects are called Aku20 (awaiting publications), AkuLite 
(2013) [14], SBUF (2011) [15], Boverket Byggkostnadsforum (2007) [16], Bodlund (1983) [17] and 
one additional consultancy project (2014). Only a minor part of the building objects [17] were 
designed before the building regulations were changed to include the lower third-octave bands 50–
63–80 Hz. Although the objects range over 30 years in time, the vast majority is built in recent years 
i.e. they represent modern building technology in Sweden.  

The data collected and correlated are: (a) Residents’ subjective rating of annoyance from noise 
related to the airborne sound insulation and (b) Vertical sound insulation measurements in terms of 
D’nT, 50–3150 Hz. As mentioned above, new surveys are currently being made, with the same 
methodology and post-analysis, which means results and conclusions may change when those data 
have been included in the database and the analyses have been updated. 

2.1 Questionnaire and subjective rating  
The residents were asked to rate the perceived sound insulation by means of a questionnaire. 

Within all the projects from 2011, the same questionnaire developed within the European cost action 
TU0901 [18] was used. This questionnaire contains 16 questions related to sound and vibration 
issues in dwellings. For this study, the following two questions are in focus:  

Thinking about the 12 last months in your home, how much are you bothered, disturbed or annoyed by these 

sources of noise?  

(a) Neighbours; daily living, e.g. people talking, telephone, radio, TV through the ceilings or floors  
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(b) Neighbours; music with bass and drums  

and the following two questions have been used mainly for comparison:  

(c) Neighbours; daily living, e.g. people talking, telephone, radio, TV through the walls  

(d) Neighbours; footstep noise, i.e. you here when they walk on the floor  

Question (a) is assumed to be related to sound sources having a frequency spectrum with limited 
energy below 100 Hz while the sources related to question (b) should emit significant amount of 
energy in the 50–100 Hz range. The annoyance is rated on a numerical scale ranging from “0” to “10” 
where “0” means not at all annoying and “10” means extremely annoying. There was also an option 
to answer N/A, in case the source of sound did not exist, but very few used this option.  

In the remaining two projects (11 of 46) [16,17], other questionnaire templates were used. Thus, 
the questions were not formulated in the exact same way as above and another divergence is the 
numerical annoyance scale, which was ranged 1–7 in the reversed direction (1=very annoying). 
However, the meaning of the analysed questions from these objects are assumed to be close to 
question (a) above and the answers were translated numerically to fit the annoyance scale from 0 to 
10, only for the purpose of comparing their averages to the measured SNQ’s. There was no 
equivalent question on annoyance from music for these objects though.  

Besides the acoustic related questions, the questionnaires contained a personal data section where 
complementary information e.g. sex, age, and number of persons in the household were given. In 
general, the latter parameters were approximately evenly distributed among the residents within each 
building objects. However, a couple of the objects were dominated either by younger people 
(students, ≤25 years of age) or by older (≥65 years). Although a number of building objects were new 
when they were selected for the study, questionnaires were distributed at least six months after the 
building was taken in use, in some cases more than one year.  

The response rate was considered satisfying, typically 50–60% with a total amount of about 1400 
filled-in questionnaires.  

2.2 Sound insulation measurement and evaluation  
Since D’nT is the current descriptor referred to in the Swedish building code, it has been used 

throughout the study. However, several objects have reported the measured data as sound reduction 
R’, the previously used descriptor, and in such cases DnT was estimated as DnT = R’-1, a relation 
that is valid for normal room heights of about 2.5 m (considering the vertical direction). The sound 
insulation was typically measured in two to six rooms for each building object. From the 
measurements, a variety of SNQ’s has been calculated. The ISO standardized DnT,w, DnT,w,50 and 
DnT,w,50tr (abbreviation for DnT,w, D’nT,w + C50-3150 and DnT,w + Ctr,50-3150 respectively) 
together with a couple of alternative SNQ’s reported in the literature; The optimized reference 
spectrum for living noise DnT,w,50opt (DnT,w + Copt) by Virjonen et. al. [9] and the modified 
reference spectrum DnT,w,50mod (DnT,w + Cmod) by Park/Bradley [13]. For the two latter cases, 
the respective evaluation parameter was reported to give slightly higher correlation against 
subjectively rated annoyance than the other tested frequency spectra. The spectrum related to Copt is 
given in the frequency range 50–5000Hz but is here adjusted to the interval 50–3150 Hz by adding + 
1 dB to each third-octave band in accordance with the ISO definitions of C50-3150 and C50-5000. 
The reference levels of frequency spectra are compared in Fig. 1. Related to C50-3150, Copt and 
Cmod give less importance to the low frequencies while the opposite prevails for Ctr,50-3150. The 
reference level L is a part of the definition of the spectrum adaptation terms in accordance with:  

 
One reason to include only vertical, and not horizontal, measurements is the wide variety of floor 
plans. In some buildings there were hardly no partitions facing other dwellings but merely elevator 
wells, stairwells, bathrooms, storage spaces, etcetera. This is most likely a positive development, but 
makes the meaning of the measured sound insulation difficult to interpret. In the vertical direction, 
sounds from more or less loud events are expected to transmit to several rooms below. A second 
reason not to include horizontal measurements is that the participating residents have judged the 
annoyance from noise in vertical direction with, in average, about 70% higher score than noise 
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coming from the horizontal direction. In a Norwegian survey [19], the similar relation between 
annoyance from vertically and horizontally directed noise was reported – both regarding sounds from 
daily living activities as well as music with bass and drums – despite the mean vertical sound 
insulation being about 2 dB higher (DnT,w and DnT,w,50). These facts support the assumption that 
the vertical direction is of superior interest for the tested objects and it should then also make sense 
to compare the measured sound insulation with the outcome of question (b) (about music) although 
no direction is specified.  

The number of measurements performed within each building object were typically four to six, 
evenly distributed among living rooms and master bedrooms  

 

2.3 Statistical analysis  
In order to reveal the correlation between the SNQ’s and the subjective ratings from the residents, 

linear regression analyses were performed. The mean SNQ from each building object has been used 
as the input parameter. For the questionnaires, the input parameter is the mean annoyance rating for 
one question from all building objects. The regression analyses are assessed with respect to the 
coefficient of determination, R2. It has also been studied whether a statistical relation of 95% 
confidence level exists between the annoyance and SNQ, i.e. whether the 95% confidence interval of 
the regression line’s slope contains the value “0” or not. The analyses are in accordance with the 
authors foregoing papers [20,21] where the method, including the use of the mean annoyance, was 
further justified [20].  

3. RESULTS 

3.1 Measured sound insulation  
The reported values of DnT,w vary from 49 to 66 dB whereas DnT,w,50 range from 47 to 64 dB. 

The overall average of DnT,w is 58.9 dB and the standard deviation is 3.8 dB. The overall average of 
DnT,w,50 is 56.3 dB and the standard deviation is 3.5 dB. The distribution according to the Swedish 
sound classification [22], based upon DnT,w,50, is shown in Fig. 2. Sound class C corresponds to the 
minimum requirement of the national building code, DnT,w,50 ≥ 52 dB, while sound class B and A 
means successively 4 dB improved sound insulation. 5 of the 46 building objects (11%) do not fulfil 
the minimum requirement while 29 objects (63%) manage sound class B or better. 

3.2 Rated sound insulation 
The mean annoyance of all the building objects is shown in Fig. 3 for the questions regarding 

daily living sounds and music. The annoyance from footsteps, an impact sound source, serves as 
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comparison. The mean annoyance from daily living sounds in the vertical direction on the 0–10 
numerical scale is 1.6, where the min/max scores are 0,1/4,2 with the standard deviation 0.8. In 
horizontal direction, the mean annoyance is 0.9, where the min/max scores are 0.0/3.0 with the 
standard deviation 0.7. The annoyance from vertical sounds is about 70% higher than in the 
horizontal direction. The mean annoyance from music is 1.8, where the min/max scores are 0.1/ 4.8 
with the standard deviation 1,1. Note that the question regarding music disturbance was only 
available for 35 out of the 46 objects. All the airborne sound related questions show low annoyance, 
in average, indicating that the residents are in general quite satisfied. (As mentioned above, 63% of 
the objects have at least 4 dB higher insulation than the minimum requirement by the building 
regulations.) As a comparison, the residents rate the noise from footsteps with a score being about 
twice as high. This relation in annoyance between impact and airborne sound sources was established 
already in one of the underlying studies [20] where mean annoyance scores of 5–6 were reported for 
some objects. Thus, inadequate impact sound insulation is, for the included objects, a more 
noticeable problem whereas their airborne sound insulation seems rather satisfactory. 

3.3 SNQ’s vs. annoyance from daily living sounds and music  
In Fig. 4, the linear regressions for DnT,w and DnT,w,50 against the rated annoyance of daily 

living sounds in all included objects are presented. The coefficient of determination, R2, is 8% for 
DnT,w and 11% for DnT,w,50. The R2 for the alternative evaluation parameters DnT,w,50tr, 
DnT,w,50opt and DnT,w,50mod is 7%, 8% and 6% respectively.  

 
Figure 5 shows the linear regressions between DnT,w and DnT,w,50 and the rated annoyance of 

music in all objects. The coefficient of determination, R2, is 8% for DnT,w and 14% for DnT,w,50. 
The R2 for the alternative evaluation parameters DnT,w,50tr, DnT,w,50opt and DnT,w,50mod is 8%, 
9% and 6% respectively. A summary of the outcome of the regression analysis is shown in Table 1.  

It also contains information whether there is a statistical relation on 95% confidence level 
between the annoyance and respective evaluation parameter. It can be seen that a statistical 
significant relation is only achieved for DnT,w,50, which holds for both kinds of sound source. 
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3.4 Light-weight vs. Concrete constructions  
It is often assumed that potential low frequency problems concern primarily light-weight 

constructions. Table 2 presents the results from similar regression analysis as above, but this time 
separated into two groups; 24 light-weight 
buildings (20 for the music annoyance) and 22 
concrete buildings (15 for the music annoyance). 
The averaged sound insulation and annoyance 
are similar between the two groups. The mean 
DnT,w,50 is 56.6 and 56.1 dB for light-weight 
and concrete buildings respectively and the 
mean annoyance from daily living sounds is 1.4 
and 1.8 and from music 1.6 and 1.9 
respectively.  

The regression analysis of annoyance from daily living sounds shows the same coefficient of 
determination, 10%, for both DnT,w and DnT,w,50 within the heavy (concrete) objects. For the 
light-weight buildings, R2 = 4% and 12% for DnT,w and DnT,w,50 respectively, and R2 increases to 
20% for DnT,w,50tr which further emphasizes the lower frequencies. For the annoyance from the 
more low frequency source, music, R2 = 0% in the concrete buildings for both DnT,w and DnT,w,50. 
Among the light-weight objects, R2 = 15% and R2 = 31% for DnT,w and DnT,w,50 against music 
while R2 = 37% using DnT,w,50tr. It should then be beneficial to include the 50 Hz term dealing 
with light-weight constructions while the same connection to concrete buildings is not evident here. 
The linear regressions for DnT,w,50 against the rated annoyance from music for the concrete and 
light-weight objects separately are shown in Fig. 6.  

 

The alternative adaptation terms, DnT,w,50opt and DnT,w,50mod performs relatively well for 
daily living sounds in concrete buildings. In light-weight constructions, for both daily living sounds 
and music, DnT,w,50tr shows the highest correlation among the evaluated SNQ’s. This further 
strengthens the assumption that evaluation including the low frequency range is of essential 
importance regarding light-weight building technique.  

4. DISCUSSION 
In a broad sense, the measured single numbers are not clearly correlated to the average of the 

questionnaire survey results. In most cases, the correlation is so weak that the statistic relation is 
insignificant. The reasons for this conclusion are important to discuss.  
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The overall average sound insulation was found to be 56.3 dB for DnT,w,50 (i.e. DnT,w + 
C50-3150) which indicates that 70% of the residents should be “not at all annoyed” according to the 
large study carried out in Norwegian dwellings 2002–2015 [23]. The residents in the study of our 
paper are in general not particularly annoyed about noise from airborne sound sources since most of 
the building objects have “good” sound insulation. The combination of low annoyance and high 
sound insulation makes it hard to find strong mathematical connections between them. If the range of 
sound insulation had been wider, it would is likely that the correlation against annoyance would be 
greater. Furthermore, it must be assumed that the perceived annoyance is not a function of the sound 
insulation solely but involves other aspects. The authors are convinced that the neighbours’ 
behaviour as well as the individual preferences are important as well. These human aspects are likely 
the dominating factors of annoyance of airborne sounds, among the relatively few residents being 
severely annoyed, when living in buildings with high sound insulation.  

From the underlying data, it is hard to make any clear statement whether airborne sound 
insulation should be evaluated from 50 or 100 Hz. But strictly statistically, no significant relation 
against rated annoyance could be found when using 100 Hz as the lower frequency limit. Evaluation 
from 50 Hz with DnT,w,50 does establish a significant relation although the coefficient of 
determination is low and the differences compared to DnT,w are small. A possible explanation is that 
all of the buildings, except 4 of them, were constructed after 1999, i.e. after that the 50 Hz limit 
became mandatory in Sweden. Thereby, it can be assumed that the constructions were designed to 
give better insulation at lower frequencies than was the case before the regulation was introduced. 
Earlier, it was in a way possible to design the construction such that structural resonances, that 
naturally occur, could be avoided above 100 Hz and instead be put at slightly lower frequencies with 
no further action taken. In this respect, heavy concrete constructions are less sensitive since they, due 
to their high mass, better can withstand low frequencies. However, any used SNQ should not only be 
related to a specific type ─ but to all kinds ─ of construction. Bearing in mind that a requirement 
based on a given SNQ should force the building industry to use constructions with sufficient sound 
insulation to all types of noise being prevalent more than occasionally in neighbouring dwellings.  

Even though no big difference in the correlation was achieved concerning evaluating from 50 or 
100Hz, it is important to reflect about whether high correlation or high protection is the most 
important. The alternative spectrum adaptation terms DnT,w,50opt and DnT,w,50mod certainly do 
consider frequencies from 50Hz, but their weighting curves reduce the importance of lower 
frequencies compared to DnT,w,50. These alternative terms have been developed to obtain high 
correlation rather than high protection against all kinds of disturbing noise. Any regulation that 
neglect lower frequencies do risk the situation where limited protection from specific sound sources 
is given as well as sub optimization of the constructional design. Dimensioning must be performed in 
accordance with the weakest case in order to be protective for all cases.  

In Sweden, the 50 Hz spectrum adaptation terms have been used regularly during almost 20 years. 
The fact that relatively few residents in the presented study complain about the airborne sound 
insulation could be taken as a justification of the low frequency requirement in the national building 
code. An innovative idea is to include even lower frequencies, i.e. below 50 Hz. However, a 
primitive investigation including 10 building objects evaluated down to 20 Hz was done in the earlier 
presented study [20] but no support to that idea was given (regarding airborne sound).  

5. CONCLUSIONS 
The extensive data of measurements and questionnaire surveys from 46 objects of apartment 

houses suggest that the evaluation of airborne sound insulation from 50 Hz by DnT,w,50 is a slightly 
better choice than evaluation from 100 Hz by DnT,w. However, since most of the included buildings 
were originally designed to fulfill the requirements of the Swedish building code, based upon 
DnT,w,50, the result could possibly have been different if they were designed for a 100 Hz criterion. 
Airborne noise generates generally low annoyance rating from the residents in these constructions, a 
fact that confirms the national regulation.  

A criterion including frequencies from 50 Hz puts higher demands on the buildings’ construction, 
or in other words, it rules out constructions with insufficient low frequency airborne sound insulation. 
Even though many daily living sounds contain just a small amount of energy below 100 Hz, the 
residents will obtain a certain protection also towards low frequency sources, e.g. music, if criteria 
from 50 Hz are used. The authors’ understanding is therefore to encourage evaluation from 50 Hz, on 
the basis that the disturbances are often due to loud music.  
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Note that the given conclusions are based upon Swedish traditions, which mean that tenants are 
used to live rather independently in their own home as well as staying indoors because of the climate. 
In other countries, the conditions can be different in these respects.  
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ABSTRACT 
Danish Health and Morbidity Surveys including questions about neighbour noise and traffic noise have been 
carried out each 3-5 years since year 2000, the latest one in 2017. In all five surveys, the neighbour noise 
annoyance in multi-storey housing was higher than annoyance from traffic noise. In 2017, 14,022 respondents 
(response rate 56%) completed the self-administered questionnaire, out of which 3,893 adult Danes lived in 
multi-storey houses. Noise annoyance was assessed by asking the respondent about noise annoyance from 
neighbours and traffic, respectively, in their home during the past two weeks. Fatigue and sleeping problems 
during the past two weeks were assessed with a checklist that included eight different health outcomes 
(including the two mentioned). In total, 36% reported having been very/slightly bothered by neighbour noise 
and 22% by traffic noise. Noise annoyance from neighbours was strongly associated with both health 
outcomes. For example, individuals being very annoyed by noise from neighbours had 2.91 times higher odds 
of being very bothered by fatigue. Similar associations were also observed for traffic noise annoyance. 
Although causality cannot be established in the present cross-sectional study, it is concluded that noise 
annoyance from neighbours is strongly associated with both fatigue and sleeping problems. 
 
Keywords: Housing, Neighbour noise, Fatigue, Sleeping problems 

1. INTRODUCTION 
The adverse effects of noise has had the attention of WHO for decades, and several reports are published, 

e.g. an assessment report [1] addressing the environmental health inequalities in Europe and pointing 
out noise exposure at home as one of the environmental health inequality indicators. Due to the 
influence of noise on health, the European Environmental Agency (EEA) has analyzed the traffic noise 
situation and published a report Noise in Europe 2014 [2] pointing out the severe adverse health 
implications of traffic noise. A brief summary is found in [3]. The importance of protection from traffic noise 
sources has been emphasized at the EU level, e.g. by EEA, and the EU Environmental Noise Directive 
(END), [4], requires national mapping of external noise and action plans every fifth year. 

While health implications of traffic noise have been quite thoroughly investigated, neighbour noise 
has mainly been considered a “social” problem. Nevertheless, sleep disturbances and other activity 
disturbances by neighbours may be unhealthier than those caused by traffic, since the information 
contents in neighbour noise is high, implying a high annoyance potential. 

In Denmark, national health and morbidity studies have been carried out every 3-5 years since year 
2000, see [5]. Comparison between neighbour and traffic noise annoyance is found in [3], and strong 
associations between neighbour noise annoyance and poor mental health and perceived stress, 
respectively, are found in [6]. The current paper deals with fatigue and sleeping problems.  

2. NEIGHBOUR NOISE ANNOYANCE AND REACTIONS 
Based on indications from the field, very low sound insulation between dwellings implies total 

lack of privacy leading to annoyance and to restraints on own activities. Examples of disturbing noises 
and disturbed activities are found in Table 1, and reactions may go in different directions, e.g. 
annoyance may develop to hatred and conflicts, and disturbance to tension, depression and tiredness, 

                                                      
1 bir@sbi.aau.dk 
2 oek@si-folkesundhed.dk 

5071



 >> 

 

see e.g. description of the noise reaction process in [7]. Thus, it is necessary to increase awareness on 
the importance of acoustic conditions for quality of life. In contrast to neighbour noise, traffic noise 
exposure can be objectively quantified by physical parameters [4], and most studies investigating the 
impact of noise on health outcomes use traffic noise as the environmental noise exposure. However, 
the health consequences of neighbour noises have rarely been studied. Neighbour noises are more 
complex and generally not quantifiable. Thus, individual and subjective perceptions of noise are assessed 
by means of surveys targeting noise annoyance. Based on results, there are good reasons to suspect that 
neighbour noise annoyance affects health adversely. Health outcomes from noise are dealt with in the 
WHO LARES study carried out in eight cities in Europe 2002-2003, see [8] and [9], and it is concluded 
that that neighbour noise affects health via long lasting severe annoyance, [9]. In [8] sleep disturbance 
from neighbour noise is reported as almost on the same level as for traffic, while other noise sources 
are far below. References to various other surveys are found in e.g. [10]. The far most extensive survey 
has been made in UK, see [11], with very detailed interviews and reporting. 

Table 1 – Examples of disturbing/annoying neighbour sounds and own activities being disturbed.  

Disturbing/annoying neighbour noises Own activities disturbed 
 Voices/shouting/arguments 
 Dogs 
 Radio, TV, music 
 Parties 
 Neighbours’ DYI 

 Footsteps 
 Children jumping/playing 
 Doors banging 
 Washing machines etc. 

 Sleeping 
 Using every room in the house 
 Listening to TV, radio, music 
 Quiet activities: Reading, resting 
 Having a conversation 

3. MULTI-STOREY HOUSING IN DENMARK 
The housing stock in Denmark consists of about 2.7 million dwellings in total, of these almost 

1.1 million in multi-storey (MS) housing. In Figure 1 are found graphs for number of dwellings in MS 
housing according to year of construction. Buildings from different periods have different construction 
characteristics, and thus expectedly different sound insulation performance. More details are found in [12-
13] and [3] and in references in those publications. The building types may here be denoted E1, E2, E3 
and NEW, and number of dwellings are  500,000, up to 100,000,  400,000 and  65,000 (incl. estimate 
for 2019). Figure 1 also includes small sketches of the four building types and expected acoustic classes  
F, E, D, C according to [14]. The current Danish building regulations are found in [15], which refers 
to class C in [14] as minimum acoustic performance. Acoustic requirements for other countries are found 
in e.g. [16], [12] and [17]. Brief indications of constructions in Danish MS housing are as follows: 

E1: Old brick-built buildings with timber floor constructions. Period:  1850 to 1930/1950. 
E2: Brick-built buildings with thin in-situ concrete slabs and wooden floors. Period:  1930 to 1960. 
E3: Concrete elements with wooden floors. Period:  1960 to 2009. 
NEW: Concrete elements with wooden floors (higher performance than E3). Period: From  2010. 

 

 
Figure 1 – Dwellings in multi-storey housing according to construction year [18].  

Building types for various periods are illustrated and expected acoustic classes indicated.  
Number of dwellings for 2019 estimated.   
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4. DANISH HEALTH AND MORBIDITY SURVEYS 2000-2017 − METHODOLOGY 
Data derives from the Danish health and morbidity surveys in 2000, 2005, 2010, 2013 and 2017 

[19]. The aim of the surveys is to describe the status and trends in health and morbidity in the adult 
Danish population (16 years or older) and the factors that influence health status, including e.g. health 
behaviour and environmental and occupational health risks. The resul ts are used in national, regional 
and municipal planning and monitoring as well as in research and analysis. All samples were drawn 
at random from the adult Danish population using the Danish Civil Registration System [20]. It is 
important to notice that the target population in 2010, 2013 and 2017 included all individuals living 
in Denmark, whereas the target population in 2000 and 2005 only were Danish citizens. Data were in 
2000 and 2005 collected via face-to-face interview at the respondent’s home. However, in 2010, the 
mode was changed from face-to-face interviews to self-administered questionnaires, [21]. The letter 
of introduction invited the selected individuals either to fill in the web questionnaire or to complete 
the mailed questionnaire. In each survey wave, the questionnaire includes standard topics, e.g. morbidity, 
health behaviour, health care utilization, consequences of morbidity and background information such 
as sex, age, cohabitation status and education. In addition, the survey also aims to highlight several 
specific topics, e.g. teeth status, violence and sexual assault and thought of suicide and suicide 
attempts. The questionnaires from all waves can be downloaded from the website [5]. 

In all survey waves (since year 2000), noise annoyance was assessed by asking the respondent 
whether they had been annoyed by noise from traffic or noise from neighbours, respectively, in their 
home during the past two weeks. The respondents were also asked about other indoor environment 
exposures. The possible answer categories were ‘Yes, very annoyed’, ‘Yes, slightly annoyed’, and 
‘No’. Fatigue and sleeping problems (or insomnia) during the past two weeks were assessed  with a 
checklist that included eight different health outcomes. There were three answer categories for each 
health outcome: ‘Yes, very bothered’, ‘Yes, slightly bothered’, and ‘No’. This checklist has been 
included in all survey waves since 1987. 

Information on type of housing for each respondent was obtained from the Building and Housing 
Register at the time of the survey in the latter three waves [22]. In 2000 and 2005, this information 
was noted by the interviewer. 

In all, the questionnaire in 2017 included 98 questions, out of which approximately 50% had 
underlying items. Table 2 shows a brief overview of the survey waves, e.g. number of invited 
individuals, response rates and brief indications of noise related questions. 

 
Table 2 – Main characteristics for the Danish Health and Morbidity Surveys 2000-2017  

and indication of noise questions. 

Year Survey  
mode 

Sample 
size 

No. of 
respondents/ 
response rate 

(%) 
Questions on noise annoyance included in survey 

2000 Face-to face 
interview 22,484 16,688 / 74% 

Noise from traffic; Noise from installations (e.g. pipe, 
radiator, refrigerator); Noise from neighbours; Noise from 
nearby business activities; Infrasound or low frequency noise. 

2005 Face-to face 
interview 21,832 14,566 / 67% 

Noise from traffic; Noise from installations (e.g. pipe, 
radiator, refrigerator); Noise from neighbours; Noise from 
nearby business activities. 

2010 Self-
administered 25,000 15,165 / 61% 

Noise from traffic; Noise from service equipment (e.g. pipe, 
radiator, refrigerator); Noise from neighbours; Noise from 
nearby business activities. 

2013 Self-
administered 25,000 14,265 / 57% Noise from traffic;  

Noise from neighbours. 

2017 Self-
administered 25,000 14,022 / 56% 

Noise from traffic;  
Noise from neighbours; If affirmative, the respondents were 
asked which kind of noise using a multiple-choice question. 

 
The association between traffic noise annoyance and sleep has been examined in several studies, 

but studies examining the associations between neighbour noise annoyance and fatigue and/or 
sleeping problems are rare, but is done in the current study. The prevalence of experiencing bothering 
fatigue and sleeping problems, respectively, is presented as percentages. Multiple logistic regress ion 
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models were used to examine the associations between traffic and neighbour noise annoyance, 
respectively, and very bothering fatigue and sleeping problems, respectively, among individuals living 
in multi-storey houses. The results are presented as odds ratios (ORs) with 95% confidence intervals 
(CI). An odds ratio is a measure of effect size, measuring the strength of association between two 
variables [23]. An odds ratio greater than 1 indicates the group is more likely to report that health 
outcome (i.e. very bothering fatigue or sleeping problems, respectively) , while an odds ratio less than 
1 indicates the group is less likely to report the health outcome. The ORs are adjusted for sex, age, 
education, marital status, degree of urbanisation, owner/tenant status, and ethnic background. The CI 
of the ORs are used to estimate the precision of the ORs. If the CI interval includes 1, then there is no 
statistically significant difference between that specific group and the reference group. 

Overview results related to housing conditions are found in [24] for the 2013 survey and in [25] 
for the 2017 survey. Detailed results are published separately.  

5. NOISE RELATED SURVEY RESULTS 2017 
In the 2017 survey, 3,893 respondents lived in multi-storey houses, cf. Table 3. The distribution by 

construction year is displayed in Table 3. For example, the table shows that 14.0% of the study 
population live in multi-storey houses that were constructed between 1960-1969 and 11.9% live in 
multi-storey houses that were constructed between 1970-1979, i.e. about 1/4 of the study population 
live in houses constructed during these two decades. Furthermore, the table shows that there were no 
clear associations between the year of building construction and the self-reported neighbour and traffic 
annoyance, respectively, among individuals living in multi -storey housing. However, the prevalence 
of being very or slightly annoyed by neighbour noise were relatively low among individuals living in 
multi-storey houses constructed in the 2000’s. 

 
Table 3 – Number of respondents living in multi-storey houses, distribution by year of  
building construction and percentage who were very or slightly annoyed in their home  

during the past two weeks by traffic and neighbour noise, respectively. Results from 2017. 
Survey 2017 Traffic noise (%) Neighbour noise (%) 

Year of 
building 

construction 

Respon-
dents 

% 

No. of 
respon-
dents 

‘Yes, very 
annoyed’ 

‘Yes, 
slightly 

annoyed’ 
‘No’ ‘Yes, very 

annoyed’ 
‘Yes, 

slightly 
annoyed’ 

‘No’ 

<1900 9.7 399 4.0 24.5 71.5 7.7 28.7 63.6 
1900-1909 8.7 350 4.9 22.6 72.5 6.3 27.4 66.3 
1910-1919 4.2 167 3.4 17.2 79.4 5.5 32.7 61.8 
1920-1929 6.1 243 2.0 13.8 84.3 4.1 28.0 67.9 
1930-1939 11.2 466 4.1 20.5 75.5 7.3 33.4 59.3 
1940-1949 6.0 231 1.8 22.3 75.9 5.6 32.7 61.7 
1950-1959 9.7 369 5.6 16.7 77.7 11.7 30.1 58.2 
1960-1969 14.0 519 1.0 16.9 82.1 7.7 30.9 61.4 
1970-1979 11.9 427 1.9 15.8 82.3 5.9 29.6 64.5 
1980-1989 5.6 208 2.8 21.9 75.4 8.0 26.1 65.8 
1990-1999 4.1 150 2.2 18.4 79.4 6.7 19.4 73.9 
2000-2009 6.5 270 1.5 14.3 84.2 1.4 20.8 77.8 
≥2010 2.3 94 8.1 14.4 77.4 3.6 21.8 74.6 

All 100.0 3.893 3.0 18.6 78.4 6.7 28.9 64.4 
 

Table 4a shows that 2.8% of all respondents in 2017 reported being very annoyed by neighbour 
noise within the past two weeks, whereas 13.8% had been slightly annoyed. Furthermore, the table 
shows that 1.8% of the respondents in 2017 reported being very annoyed by traffic noise within the 
past two weeks, whereas 12.2% had been slightly annoyed. The percentages are substantially higher 
when the analyses are restricted to individuals living in multi  storey housing, see Table 4b. 
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Table 5 reveals that the prevalence of annoyance is strongly associated with the type of exposure 
and house types. For example, the prevalence who had been very or slightly annoyed by neighbour 
noise within the past two weeks was 35.6% among individuals living in multi -storey housing and 
5.5% among individuals living one-family houses. 

The prevalence of being very or slightly annoyed by traffic noise has increased from 6.3% in 2000  
to 14.0% in 2017, see Table 6. Among individuals living in multi-storey houses, the corresponding 
prevalences were 11.5% in 2000 and 21.6% in 2017. The prevalence of being very o r slightly annoyed 
by neighbour noise among individuals living in multi-storey houses has been stable in the period 2010 
(35.8%) to 2017 (35.6%). The change in mode of data collection in 2010 (i.e. from face-to-face 
interview to self-administered questionnaire) had a large effect on respondents’ reported neighbour 
noise annoyance. Thus, the prevalence estimates for neighbour noise annoyance from 2000 and 2005 
are not comparable with the prevalence estimates from 2010 and onwards.   

 
Table 4a – Traffic and neighbour noise: Percentage who were very or slightly annoyed  

in their home during the past two weeks. All dwellings. Results from 2017. 

Type of noise ‘Yes, 
very annoyed’ 

‘Yes, 
slightly annoyed’ ‘No’ In all Total 

Very or slightly annoyed 
Neighbours 2.8 13.8 83.3 100.0 16.7 
Traffic 1.8 12.2 86.0 100.0 14.0 

 
Table 4b – Traffic and neighbour noise: Percentage who were very or slightly annoyed in their home  

during the past two weeks among individuals living in multi-storey housing. Results from 2017. 

Type of noise ‘Yes, 
very annoyed’ 

‘Yes, 
slightly annoyed’ ‘No’ In all Total 

Very or slightly annoyed 
Neighbours 6.7 28.9 64.4 100.0 35.6 
Traffic 3.0 18.6 78.4 100.0 21.6 

 
Table 5 – Percentage who were slightly or very annoyed in their home by various indoor environment 

exposures within the past two weeks according to type of dwelling. Results from 2017. 
Exposure One-family 

houses 
Row and 

double houses 
Multi-storey 

housing 
Other* All 

housing 
Smell of mould 2.3 3.0 4.2 2.6 3.0 
Noise from traffic  9.8 10.8 21.6 12.5 14.0 
Noise from neighbours  5.5 11.8 35.6 21.8 16.7 
Odour from nearby wood stoves 12.5 7.9 3.5 8.0 8.8 
Smell of tobacco smoke from neighbours 1.7 4.5 17.3 8.5 7.4 
* Other = e.g. nursing homes, institutions 

 
Table 6 – Percentage who were annoyed in their home by traffic and neighbour noise, respectively,  

during the past two weeks. Results from surveys in 2000-2017. 
 Traffic noise Neighbour noise 

Year Total 
One- 

family  
houses 

Row and 
 Double 
 houses 

Multi- 
storey 

Other  
Total 

One- 
Family 
 houses 

Row and 
 Double 
 houses 

Multi- 
storey 

Other 

2000 6.3 4.2 5.7 11.5 5.6 (7.7)* (2.6) (9.1) (19.1)* (10.9) 
2005 8.1 5.2 7.5 15.6 7.2 (9.0)* (4.4) (9.8) (21.2)* (12.1) 
2010 9.6 5.3 4.8 18.4 11.2 15.6 4.2 10.6 35.8 23.8 
2013 9.6 5.9 6.4 16.4 11.2 15.4 3.8 12.2 34.4 26.5 
2017 14.0 9.8 10.8 21.6 12.5 16.7 5.5 11.8 35.6 21.8 

*Change in methodology suggests that pre-2010 survey estimates are not comparable to results from 2010, 2013 and 2017. 
 
The prevalence of being very bothered by fatigue was substantially higher among those who have 

been very annoyed by noise from neighbours (33%) than among those who had not been annoyed by 
noise from neighbours (14%), see Figure 2. The prevalence among those who had been slightly 
annoyed was 20%. Correspondingly, the prevalence of being very bothered by sleeping problems was 
substantially higher among those who have been very annoyed by noise from neighbours (25%) than 
among those who had not been annoyed by noise from neighbours (11%), see Figure 2. The prevalence 
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among those, who had been slightly annoyed was 16%. The same associations are observed for noise 
from traffic, see Figure 3. The strong associations remained even after adjustment for potential 
confounders, see Table 7. For example, individuals who had been very annoyed by noise from 
neighbours during the past two weeks had 2.62 (95% CI: 1.86-3.69) times higher odds of being very 
bothered by sleeping problems than individuals who had not been annoyed by noise from neighbours. 
The corresponding odds ratio for those who had been slightly annoyed was 1.46 (95% CI: 1.16-1.84). 

 

 
Figure 2 – Prevalence of fatigue and sleeping problems, respectively, within the past two weeks by noise 

annoyance from neighbours among individuals living in multi-storey housing in 2017. Percentages. 
 

 

Figure 3 – Prevalence of fatigue and sleeping problems, respectively, within the past two weeks by noise 
annoyance from traffic among individuals living in multi-storey housing in 2017. Percentages. 
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Table 7 – The association between noise annoyance from neighbours and traffic, respectively, and very 
bothering fatigue and sleeping problems or insomnia, respectively, within the past two weeks among 

individuals living in multi-storey housing in 2017. Adjusted odds ratios1 (and 95% confidence intervals). 
  Annoyed by noise from neighbours 
  Yes, very annoyed Yes, slightly annoyed No 
Fatigue  2.91 (2.14-3.98) 1.46 (1.18-1.79) 1        
Sleeping problems   2.62 (1.86-3.69) 1.46 (1.16-1.84) 1       
   Annoyed by noise from traffic 
   Yes, very annoyed Yes, slightly annoyed No 
Fatigue  2.10 (1.39-3.18) 1.46 (1.11-1.92) 1        
Sleeping problems   2.60 (1.73-3.91) 1.58 (1.20-2.09) 1 
1Adjusted for sex, age, marital status, education, degree of urbanization, owner/tenant status and ethnic background 

 

6. CONCLUSIONS 
The prevalence of being very or slightly annoyed by traffic noise increased markedly between 2013 

and 2017. The reasons are not known, but might partly be increased traffic noise levels, see e.g. [26], 
partly higher awareness about traffic noise pollution among the general population. The prevalence 
of being very or slightly annoyed by neighbour noise remained stable in the period 2010 to 2017. The 
present study also showed that the prevalence of annoyance depends on the type of exposure and 
housing. For example, as expected, noise annoyance from neighbours were most prevalent among 
individuals living in multi-storey housing. 

The strong associations between neighbour noise annoyance and fatigue and sleeping problems, 
respectively, among individuals living in multi-storey housing in Denmark seems reasonable due to 
the unpredictable nature of noise from neighbours (often with a very high informational content)  
and/or loud noises like e.g. neighbours’ footsteps, barking dogs, loud discussions, banging doors. This 
finding is also in keeping with a previous Danish study, which found strong associations between 
neighbour noise annoyance and poor mental health and perceived stress, respectively, [6]. 

The present study highlights the importance of studying the association between noise annoyance , 
and fatigue and sleeping problems, respectively. However, future prospective studies are needed to 
determine the direction of causality, since it’s not possible in a cross-sectional study to determine, 
whether people with fatigue and/or sleeping problems are more annoyed by noise, or opposite, if the 
annoyance leads to fatigue and/or sleeping problems. However, either way is relevant for evaluation 
of the health situation of the population and the quality of life.   
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ABSTRACT 
The Brazilian standard NBR 15575 establishes performance criteria for residential buildings, including 
acoustic performance requirements for airborne sound insulation of internal walls, facades and floors, as well 
as for impact sound level of floors. The standard also specifies non-mandatory sound pressure levels in the 
dwelling from service equipment for informative purposes. This study aims to investigate which type of noise 
source is the most uncomfortable for Brazilian dwellings occupants. In order to reach the proposed objective, 
a preliminary questionnaire for collecting sound source descriptors was carried out. This step aims to gather 
free-form descriptive words of the sound sources from subjects that are not familiarized with acoustic terms. 
After the annotation analysis, a questionnaire was applied using a ranking scale. The selected descriptive 
words were also correlated to the noise sources mentioned in the standard. It is expected that this work may 
give input to the ABNT NBR 15575 systematic revision, that kicked off in 2019. 
 
Keywords: Residence, Residence noises, Brazilian standard, Building acoustics 

1. INTRODUCTION 
Several  countries around the world have set performance requirements for residential buildings. In Brazil 

there is a specific standard ABNT NBR 15575:2013 that establishes performance criteria for residential 
buildings for diverse criteria such as structural, thermal, lighting and acoustic, and according to its part 1, a 
building must meet the necessary requirements to be considered inhabitable. Acoustic performance 
requirements (1) are presented in four of its five parts, as highlighted in bold Table 1. 

 
Table 1 – Parts of ABNT NBR 15575 

Part Requirements for 
1 General 
2 Structural systems 
3 Floor systems 
4 Internal and External vertical walls systems 
5 Rooftop systems 
6 Sanitary installations 

 
Part 1 enforces the use of the following parts and contains non-mandatory criteria for building service 

equipment (2) that is also described in part 6.  Part 3 contains impact and airborne  sound insulation (3) 
requirements for floor systems . Part 4 contains airborne sound insulation requirements for internal walls and 
facades (4). Finally, part 5 presents impact and airborne sound insulation requirements for rooftops (5).  

In 2018 the first review process of the standard started has unleashed hard discussions about the values  
of the acoustics requirements. Being the first standard that includes acoustic criteria of residential buildings, 
most of the required performance values were established by adapting international criteria to the Brazilian 
construction system reality. Up to now, it has not been performed a comprehensive research to inquiry both 
quantitative and qualitative aspects on residents’ expectations about acoustic performance of dwellings.  

 To give input to the discussion, this study aims to look into which type of noises are considered most 
annoying in dwellings, as a first approach on searching acoustic criteria that can guarantee satisfactory 
conditions for the occupants. Similar works can be found in (6), (7), (8), (9) and (10). 
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2. METHODS AND RESULTS 
 To investigate what type of sound sources in dwellings is the most annoying, the research was carried 

out in two stages. In the first one, a preliminary questionnaire was circulated to collect perceived sound 
sources in dwellings by its occupants. The results of this stage were then analysed and interpreted to compose 
the second part of the study. The second stage consisted on circulating an improved questionnaire that asked 
the subject to  relate the sound sources and its level of annoyance. Furthermore, the second questionnaire 
included a ranking scale of the different types of sound sources, according to its origin.   

In the next sections, each stage is described in detail as well as their respective results. 

2.1 Stage 1: Preliminary questionnaire 
According to the ABNT NBR 15575, the building acoustic performance must be met to mitigate airborne 

sound transmitted by walls, floors, rooftops or façades, impact noise transmitted by floors, and noise from 
service equipment premises.  The first challenge in faced in the development of this study was that subjects 
in general are not familiar with this terminology. To facilitate the comprehension, a preliminary questionnaire 
was prepared with an alternative vocabulary. Subjects were requested to fill open questions that asked about 
which noises annoy them the most in their dwellings, considering  different origins.  The adapted questions1 
are shown in Table 2. 

 
  Table 2 – Preliminary questionnaire questions  

 Question 

1 In which State do you live? If you don’t live in Brazil, please inform in which country do you 
live. 

2 What are the sounds coming from the attached dwellings that annoy you the most? 
3 What are the sounds coming from the upstairs dwelling  that annoy you the most? 
4 What are the sounds coming from the downstairs dwelling that annoy you the most? 
5 What are the external sounds that annoy you the most? 
6 What are the sound from the circulation areas (corridors and stairs) that annoy you the most? 

 
The questionnaire was completed by 123 subjects,  being 97%  residents in Brazil , one person from 

Denmark, one from Portugal, one from Italy and another one from UK.  Information of 9 out of 23 States 
were collected in this study.  Among Brazilian residents,  84 are from São Paulo, 20 are from Rio Grande do 
Sul and the last 15 from other Brazilian States (Minas Gerais, Santa Catarina, Rio de Janeiro, Paraíba, Paraná, 
Ceará and Bahia).  

From the results it was observed that for 55% of the subjects  “traffic noise” was considered as the most 
annoying external sound, corroborating international findings (11) and remarking that façade sound 
insulation performance is an important criteria for this population sampling. When asked about sounds 
coming from the upstairs dwelling, 44% of the subjects related walking noise as the most annoying. It is 
worth to remark that from all the sound sources collected in question 3, 76% were impact sounds such as 
walking, furniture dragging, and drop of objects. It is noticeable that all these sound sources have the same 
type of transmission,  indicating that impact sound insulation has a great concern on the annoyance pointed 
out by subjects.    

Concerning noises coming from attached dwellings and from circulation areas, they seem to represent a  
less critical complain, due to the 37% and 47% respectively  “not applicable (NA)” answers given2. The 
results are presented in  in Figures 1 and 2.  

                                                        
1 Free translation from the authors. The questionnaire was circulated in portuguese and the questions might  
present  little semantic differences.   
2 Subjects were given instructions to select “not applicable” when they have no clear decision about their 
annoyance or when the mentioned spatial configuration do not apply to their dwellings.  
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Figure 1 – Collected sound sources from attached dwellings 

 

 
Figure 2 – Collected sound sources from circulation areas 

 
The results of the question concerning sounds that are most annoying from the downstairs dwelling are 

inconclusive, because up to 70% of the people answered that is “not applicable (NA)”.  
Despite the differences in construction systems depending on the geographic region, in general, the 

analysis has not shown any dependence to the subject location.  
This preliminary study shows that the impact and façade sound insulation  represent the main issues to be 

taken into account in Brazilian residential buildings acoustic performance. This will be more discussed in 
section 2.2.  The results of this stage enabled the selection of which terms are more suitable to create a 
relationship between subjective annoyance and different types of noise sources to elaborate the final 
questionnaire. 

 Table 3 shows the 5 most cited noise sources for each correspondent question presented in Table 2. For 
the next stage,  questions 4 was excluded, as its results were not conclusive. The 5 most cited  sound sources 
are presented in decrescent order of citation.   

 
  Table 3 – Main answers for each question of the preliminary questionnaire 

Question Words (most cited to less cited)  
2 Loud talks, Music, Door and window slams, Pets and Home improvements 
3 Walking, Dragging objects, Drop of objects,Service equipment and Loud talks 
5 Traffic, Sound systems, Loud talks, Constructions and Recreative public spaces 
6 Doors and window slams, Loud talks, Service equipment, Walking and Pets  
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2.2 Stage 2: Final questionnaire 
The results from Stage 1 presented in section 2.1 consisted on the fundamental input to elaborate the  

questionnaire to access the main purpose of this work. The final questionnaire have 5 questions. In the first 
four, subjects were asked to inform their annoyance level considering each sound source from Table 3 related 
to its correspondent origin: 1-noise from attached dwelling, 2-noise from upstairs dwelling, 3-noise from 
circulation areas and 4-noise from external area.  

The answers were collected in a 5 point scale going from 1 (less annoying) to 5 (most annoying). It was 
included an option 0, “not applicable (NA)”. The noise source terms were presented in a random order to 
reduce the bias introduced by the order of appearance. Subjects were also allowed to select the same 
annoyance level for more than one sound source. 

Finally, the last question is more direct, as the subjects are already familiarized with the types of sound 
sources: “Now, ranking the groups according to its annoyance level, considering 1 for the less annoyance 
and 4 for the most annoyance.” Subjects were asked to rank four sound sources in order of annoyance for 
four groups. Group 1: Noises coming from side dwelling, Group 2: Noises coming from top dwelling, Group 
3: Noises coming from circulation areas and Group 4: Noises coming from external areas. 

To compare the answers, a normalized index was implemented for the results of annoyance level for each 
sound source. Being five the maximum annoyance level in the questionnaire scale and 90 the number of 
responses, the normalization factor was given by 5 x 90, resulting in 450 the maximum punctuation each 
variable can reach. The annoyance levels collected for each sound source were then stacked to be summed 
up, and the total score was divided by the normalization factor. After the normalization, a sound source 
annoyance index  was obtained in a scale from 0 to 1.  Furthermore, the mode and mode percentage were 
determined for each sound source and each annoyance level.  

The final questionnaire was completed by 90 subjects and the results are presented hereinafter. 
Firstly, the analysis is presented for each question and afterwards the general results are discussed . For 

each question is presented a table with the resulting annoyance index, mode and percentage of the mode for 
each sound followed by a graph  indicating the annoyance level percentage for each sound source. 

Table 4 and Figure 3 show the results for Question 1, concerning annoyance due to sound sources coming 
from attached dwellings of the same floor. From the results of Table 4 is possible to observe that the highest 
annoyance index was obtained for home improvements works. When the mode is evaluated, door and window 
slams and home improvements works achieved 5, the maximum annoyance level in the questionnaire. An 
interesting observation is that those two sound sources might be associated as more slams occur when home 
improvements are being carried out. Despite the equal mode result, the mode frequency of Home 
improvements is higher, indicating that is the sound source from attached dwellings with the highest 
annoyance level.  

From the mode analysis it is notable  that subjects adopted an extremist assessment, as the results were 
only very annoying (5) or less annoying (1). The NA results (0) were discarded in this analysis it was selected 
when the sound source was nonexistent or if the subjects were not annoyed at all. 

      
  Table 4 – Annoyance Index, mode and percentage of mode for each sound source from attached dwellings 

Sound source Index Mode % of mode 
Loud talks 0,40 1 22 

Music 0,41 1 29 
Door and window slams  0,55 5 28 

Pets 0,38 0 33 
Home improvements 0,67 5 47 

 
In  Figure 2 it is plotted how answers are distributed. It is observed that Home improvements have few  

responses 1, 2 or 3.  Considering the five selected sound sources, music has presented the lowest annoyance 
level,   followed very closely by loud talks.  

These partial conclusions are useful to be incorporated to the future ABNT NBR 15575 revision process, 
as the sound sources that presented the highest annoyance levels are impact sounds and beyond airborne 
sound insulation,  there is no criteria for horizontal impact level between dwellings in the present standard.     
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Figure 3 – Distribution of responses for the question about annoyance level related to sound sources from 

attached dwellings 
 
The results of the question about sound sources coming from the upstairs dwelling are presented in Table 

5 and Figure 4. From these results it is possible to conclude that the sound source with the highest annoyance 
level is drop of objects and walking is the lowest one, not considering the sound sources with mode 0. Here 
is important to observe that, part of the results converge with those obtained in Stage 1. At the first 
questionnaire, dragging objects was more mentioned that drop of objects. The unexpected results was 
obtained for walking, which was the most cited sound source in  the preliminary questionnaire.    

  
 Table 5 – Annoyance Index, mode and percentage of mode for each sound source from the upstairs 

dwelling. 
Sound source Index Mode % of mode 

Walking 0,48 1 29 
Dragging objects  0,61 5 29 
Drop of objects 0,51 2 19 

Service equipment 0,38 0 25 
Loud talks 0,36 0 28 

 
From the analysis of Figure 4, it is possible to observe that walking have a mode 1, but its second mode  

is 5. This might have occurred due to bias introduced by the number of respondents. Despite this unexpected 
event, walking is also impact noise, together with dragging objects which reiterates that impact noise is the 
most important sound source to be considered from upstairs dwellings. Airborne sound sources were 
represented by loud talks and service equipment but have not reflected  an issue for the subjects. 

Considering the results obtained in this research, impact sound insulation requirements should be a topic 
of discussion on the brazilian standard future revision as well as service equipment criteria, which is not 
mandatory for the moment.   

 
Figure 4 – Distribution of responses for the question about annoyance level related to sound sources from 

upstairs dwelling 
 

In the Table 6 and Figure 5 the results for circulation areas are presented and service equipments represent 
the most annoying sound source. In general, it is observed  a lower annoyance for  these sound sources due 
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to the use of most 1 and 2 levels by the users. Diverging from the extremist evaluation observed for the 
previous sound sources.   

       
Table 6 – Annoyance Index, mode and percentage of mode for each sound source from circulation areas 

Sound source Index Mode % of mode 
Door and window slams 0,48 2 22 

Loud talks 0,48 1 24 
Service equipments 0,40 2 24 

Walking 0,33 1 29 
Pets 0,33 0 30 

 
The graph in Figure 5, shows this accumulation in 1 and 2 levels of annoyance. Due to these results we 

conclude that the performance of circulation areas have not take as a priority in standard revision because 
does not represent a great problem to solve.    

 
Figure 5 – Distribution of responses for the question about annoyance level related to sound sources from 

circulation areas 
 
The results for external sound sources are presented in Table 7 and Figure 6. Unlike happens for 

circulation, the mode here is more elevated. Three sound sources achieved mode 5: Traffic, Sound systems 
and Constructions. Among them, constructions represent the most annoying sound source. Construction can 
be connected to traffic noise too, due to the traffic of construction trucks, for example. This mode results 
indicate that the façade sound insulation performance is a very important criteria to be considered in the 
ABNT 15575 revision.      

 
Table 7 – Annoyance Index, mode and percentage of mode for each sound source from external areas 

Sound source Index Mode % of mode 
Traffic 0,61 5 29 

Sound systems 0,65 5 32 
Loud talks 0,53 3 33 

Constructions 0,65 5 38 
Recreative public spaces 0,49 0 23 

 
From the graph of Figure 6 it is observed that the mode of recreative spaces is 0, but this level could be 

selected if it was not applicable or if  the subject was not annoyed at all. If  0 results are  was excluded, the 
second mode is 5. It indicates that recreative public spaces are very annoying when placed close to residential 
buildings, even if compared with the other sound sources (traffic, sound systems and construction).  
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Figure 6 – Distribution of responses for the question about annoyance level related to sound sources from 

external areas 
 
In the last part of the questionnaire, subjects were asked to make a ranking for each of the four groups of 

sound sources, being 1st  the less annoying and 4th the most annoying. The results are expressed in Table 8 
and Figure 7. If the Annoyance index is considered, external sound sources are the most annoying, but when 
focusing on the mode, both Group B and D presented mode 4 (4th) . By combining the results, it is delivered 
and annoyance rank where Group D is the most annoying, then Group B, Group C and  Group A the less one. 

       
Table 8 – Index, mode and percentage of mode for each group of sound sources 

Sound source Index Mode % of mode 
Group A: attached dwellings 0,39 1 23 
Group B: upstairs dwellings 0,53 4 40 
Group C: circulation areas 0,40 1 30 
Group D: external areas 0,64 4 55 

 
From the graph of  Figure 7 is not possible to say if Group A or C is the last on the annoyance  rank, as 

both have a mode 1 (1st).  According to the percentage of responses  Group A was ranked more times as 4th 
and 1st  than Group C.  A more conclusive result can be obtained by increasing the number of subjects in the 
research.  

 

 
Figure 7 – Distribution of the responses for the annoyance ranking 

 
These final results indicate that the façade sound insulation performance is the most important criteria for 

the respondents of the questionnaire, followed by impact sound insulation performance.   
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3. CONCLUSIONS 
The methods adopted in this research enabled to make a first approach on the determination of which 

sound sources are more annoying for Brazilian users in residential buildings, correlating them with brazilian 
building performance standard requirements for airborne, façade, impact sound insulation and recommended 
limits for service equipment. 

The findings of this pilot project can be relevant to support the future ABNT NBR 15575 revision. From 
the obtained results it can be concluded that façade sound insulation is the most relevant requirement to be 
taken into account. More than 55% of the subjects in the Stage 1 of the research mentioned “traffic” as the 
most annoying sound source perceived in their dwellings. 

Impact sound insulation performance is the second more relevant. Considering the ranking results, Group 
2  - sound sources from upstairs dwelling,  involves  airborne and impact sound sources, but when taken into 
account  the results of Stage 1, impact sound seem to be a greater annoyance problem than airborne sounds. 
For each 5 noise sources mentioned by the subjects, 3 were impact sound sources.  

The performance of airborne sound insulation between dwellings of the same floor or circulation areas 
seem to not represent a big issue. In Stage 1, more than 35% of subjects chose the “Not Applicable” option.  

The obtained conclusions are valid only for the sample of subjects that participated in the study. In future 
works, a more comprehensive study is intended to be carried out, with a larger sample to statistically 
represent, at least, the Brazilian urban population.     
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ABSTRACT 
The aim of the study was to evaluate the acoustic quality classes subjectively and compare the results with 
objective metrics. Interior noise level in a dwelling is described in the Regulation on Protection of Buildings 
Against Noise in Turkey with six classes, three of them (B, C, D classes; 35, 39, 43 dBA) was simulated via 
laboratory listening test experiment. 22 normal hearing participants rated the most annoying neighbor noise 
is determined with field study and recorded in selected household. The subjects rated three classes in terms of 
loudness and annoyance characteristics of the sounds. The experimental sounds were produced by 
loudspeakers which were installed in the same room. Calibration of interior noise level was made in the range 
of ±0.5 dBA. The results were statistically analyzed and subjective evaluation correlated well with interior 
noise level.  Noise annoyance assessment differences were found between different sound types, which 
emphasized the importance of sound’s spectrum. 
Keywords: Interior Noise Level, Annoyance, Listening Test 

1. INTRODUCTION 
Acoustic comfort defines an environment where there are no unwanted sound, wanted sound have 

the right level and quality and acoustic activities may be performed without disturbing other people (1). 
Acoustic comfort evaluation can both change from one culture to another and vary at different times in 
the same society. The studies conducted reveal that the comfort level that people expect from life 
increases with the new generations (2). When aural, visual and thermal comfort parameters are studied 
within the context of space, it is observed that users give more importance to aural comfort conditions 
and that they are generally disturbed by the present situation (3).  

Aural comfort is evaluated as interior noise level over sound insulation values of construction 
element in enclosed spaces. 

The increasing use of light construction elements, starting to use sound sources with higher 
acoustic power and low frequency components in dwellings, new infrastructures and technical services 
which produce more noise than before (air conditioning systems, etc.) have brought forward the 
revision of sound insulation evaluation in dwellings (4). However, there are uncertainties about how 
the airborne or impact sound insulation will be evaluated and how the acceptable level of annoyance 
can be determined. Rychtarikova and Horvat (4) indicate that each country's determining its sound 
insulation limits values and enlarging its frequency range to comprise low frequencies is the first step. 
Listening tests may also be seen as the second phase to obtain more detailed information regarding the 
research and to find optimized solutions. 

Regulation on the Protection of Buildings Against Noise (5) is in force, concerning the sound 
insulation to be applied in buildings in Turkey.  The regulation defines limit values for 6 (A , B, C, D, 
E, F) acoustic performance classes. In the new buildings to be constructed, the securing of at least C 
class was necessitated. The values stated in the regulation were taken from the COST Action TU0901 
(6) study themed "The integrating and harmonizing sound insulation aspects in sustainable urban 
housing constructions". 

In order to meet the sound insulation requirements efficiently and effectively, there should be a 
high correlation between the building construction data, predicted/designed sound insulation, 
measured field sound insulation and the occupants’ evaluation (1).  

 
                                                        
1 kulaks@itu.edu.tr 
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The aim of this study is to evaluate the interior noise level subjectively which is described in the 
Regulation on the Protection of Buildings Against Noise (2018) via B, C, D acoust ic performance 
classes for the dwellings. All stages of the study, social survey, noise measurements and records, the 
creation of sound clips, listening test and the comparison of subjective and objective data serve this 
purpose. 

2. METHOD 

2.1 Field Study 
2.1.1   Social survey study 

The annoyance of neighborhood noise on housing users was examined through a social survey 
conducted with 250 people. The survey format published within the context of COST Action TU0901 
(6) is taken as a reference.  

In the survey, people were asked about their annoyance from airborne and impact based noise types 
frequently encountered in dwellings. These noises are loud speaking and shouting sound, music sound, 
TV sound, home appliances sound, party sound, baby cry sound, child sound, instrument sound, pet 
sound, door slam sound, the sounds of footsteps, moving furniture, falling objects, running children,  
installation sound. 

In addition, the participants were asked questions about their annoyance from the internal 
environmental noise, the importance they give to sound insulation and how sensitive they are to noise. 
The question "How troubled are you with the fact that the sounds you make in your apartment are heard 
by your neighbors?" that is not included in the reference survey was also added to the study.  

11-point numerical scale was used in all questions as described in the ISO / TS 15666 :2003 (7) 
standard and descriptive verbal statements (i am not disturbed, i am very disturbed, it does not matter 
at all, it matters a lot etc.) and pictograms were included at the endpoints of the scale.  

In the next stage of the study, which included interior noise level comparisons, the noise types to be 
listened to by the participants were determined according to survey results.  
2.1.2   Noise measurement and recording 

According to the participants' responses, first most annoying 3 airborne noises was measured and 
recorded. The living space with an open kitchen plan diagram of 4.5 m x 4.3 m in dimensions and 2.6 
m in height was chosen as a reference dwelling. In the dwelling, reverberation time (T) measurement 
was made in accordance with the TS EN ISO 3382-2:2013 (8) standard and a 24 hour Lgag  
measurement was made in accordance with the TS ISO 1996-2:2009 (9) standard. Stereo sound 
recordings were taken at a distance of 1 m from the determined noise sources, also L Aeq, LAF,max  
measurements done synchronously. The measurements were made using the dual -channel 'Brüel & 
Kjaer Type 2260 sound level meter', 'TASCAM DR-05' stereo audio recorder is used for sound 
recordings, 'Qualifier 7830' and 'Noise Explorer' software for evaluation and reporting purposes.  

2.2 Laboratory Study 
2.2.1   Creating sound clips 

The sound recordings of the noise source received in the reference house were transferred to the 
computer in '.wav' format. In the social survey study, the 3 most disturbing airborne noises (loud sound 
and shouting sound, installation sound, child sound) among the 15 noise sources were used for the 
subjective evaluation of the interior noise. These three noises were arranged in accordance with the 35 
dBA (Class B), 39 dBA (Class C) and 43 dBA (Class D) sound levels defined as the highest noise level 
allowed in space in Adobe Audition program, Regulation on the Protection of Buildings Against Noise 
(2017), depending on acoustic performance classes. A total of 9 stimuli were formed for 3 noise types 
and 3 separate classes each with a length of 1 min.  
2.2.2   Listening test 

The listening test was conducted in a soundproofed laboratory with the jury.  According to the 
results of the hearing tests performed before the listening test, 22 people whose hearings were on 
bilateral normal borders were included in this study. 

The participants first evaluated 9 sounds in terms of sound level. People were asked to imagine that 
they were on their own apartments, in silence and peace. They were expected to evaluate the level of 
sound they heard with a scale of '0 to 10', expressed in numbers and words, considering the moment 
when they started to hear a sound from the neighboring house at a time when they were resting (0 - not 
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high at all; 10 - extremely high). 
Afterwards, they were asked to imagine the same scenario in the first chapter and to assess the 

annoyance level of the sound they heard (0-not annoying at all; 10-extremely annoying). They were 
expected to read and understand the following 3 sentences and answer the 5 correct / false statements, 
concerning these sentences, on the back page. Finally, they were asked to assess how annoying the 
sound they were listening to was in the phases of reading- comprehension, retention and inference of 
sentences.  

In this section, the jury listened to a total of 18 stimuli in '.wav' format, each piece being 1 minute 
long and leaving 30 second gaps between sounds. The jury was made listen to 3 different playlists 
prepared in Windows Media Player randomly. 

The stimuli were produced by means of 2 speakers. Mackie CR4 BT brand 1 active, 1 passive studio 
reference monitor was used. In the listening test, photographs of the housing environment were shown, 
in order to help the person to imagine the home environment.  

3.  RESULTS 

3.1  Social Survey Results 
A total of 250 people, 138 of whom were female, 110 male and 2 unresponsive participated in the  

survey. The majority of the participants (77.3%) are between the ages of 18-39 and the participants 
over the age of 40 constitute approximately 22.7% of the total. Of the participants, 92 (3 8.8%) are 
married, 145 (61.2%) single, and 68.7% work during daylight hours. Only 27.8% have been living in 
the residence for less than one year and 82.3% of the participants are in the range of 2 -4 persons of the 
household size. The statistical reliability of the 19 questions was 91.8% according to Cronbach's Alpha 
value.  

The annoyance order of noise types evaluated based on their arithmetic means. Table 1 shows that 
the annoyance degree of noises according to the participants is loud speech and shouting sound, 
installation sounds and child running sound. The most annoying airborne noise is loud speech and 
shouting sound; the most annoying noise caused by impact is the child running sound and the most 
annoying air and impact borne noise is the sound of home appliances.  

Table 1 – Evaluation of noise types in terms of annoyance with 11-point Likert scale (0-10). 

 
When Figure 1 is studied, it is observed that 42.7% of the participants are very annoyed or 

exceedingly annoyed when the annoyance from internal environmental noise is evaluated, considering 
the last 12 months. It is observed that 43.2% of the participants are very annoyed or exceedingly 
annoyed by hearing their own sound from the neighbor, while 42.9% of them are not annoyed or are 
slightly annoyed. Considering the responses to the request "Evaluate the importance of sound 
insulation for you when you consider the internal environmental noises (neighborhood noises, 
mechanical devices, etc.)", it is observed that 72% of the participants give importance or great 
importance to sound insulation. Regarding the question "How sensitive are you to  internal 
environmental noises?, it was found that 54% of the participants considered themselves sensitive or 

degree noise type of noise N mean median standard deviation
1. Loud speech and shouting airborne 244 5,42 5 3,215
2. Installation sound airborne 235 4,51 4 3,468
3. Running children sound impact 234 4,43 4 3,611
4. Door slam sound impact 234 4,39 4 3,387
5. Moving furniture sound impact 233 4,12 3 3,502
6. Falling object sound impact 233 4,03 3 3,331
7. Child sound airborne 230 3,88 3 3,469
8. Footstep sound impact 237 3,82 3 3,424
9. Home appliances sound airborne+impact 227 3,69 3 3,085
10. TV sound airborne 233 3,36 3 2,955
11. Baby cry airborne 229 3,31 2 3,504
12. Music sound airborne 241 3,15 2 3,000
13. Party sound airborne+impact 218 2,63 1 3,307
14. Instrument sound airborne 226 2,24 1 2,984
15. Pet sound airborne 225 2,02 0 2,888
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overly sensitive while 22% considered themselves not sensitive at all or not sensitive. In percental 
dispersions, 0-2 range was evaluated as 'i'm not annoyed', 3-4 range as 'i'm a little annoyed', 5-6 range 
as 'i'm moderately annoyed', 7-8 range as 'i'm too annoyed' and 9-10 range as "i'm extremely annoyed."   

 

 

 

 

 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1 – Percentage distribution of answers 

3.2  Listening Test Results 
Of the participants in the listening test, 68.2% were female, 31.8% were male and the average age 

of the 22 subjects was 31.55. 68.2% of the jury stated that they are tenants in the dwelling they live in 
and 31.8% of them stated that they own the property. The average residence time of the participants 
was 4.64 years, the number of floors in the building they live in was 8.68 and the average time they 
spend in their apartment was 12.36 hours. The statistical reliability of the listening test was 87.4% 
according to Cronbach's Alpha value.  

22 juries evaluated totally 9 interior noises at 35, 39, 43 dBA levels appropriate for 3 acoustic 
performance classes (B,C,D class) for 3 noise types (loud speech, child, installation sound). The 
scattering diagrams showing the change of the interior noise evaluation means according to the interior 
noise levels are given in Figure 2. The participants evaluated the same sound in terms of the sound 
level and the annoyance it gives while resting and while studying. Besides, the annoyance evaluation 
mean and interior noise level graphics obtained by averaging the annoyance while resting and studying 
were also included. The average number of correct answers given by the participants to the 5 
correct/false propositions about the 3 sentences they read is also expressed in response to interior noise 
levels.  

Data were analyzed in 95% confidence interval by linear regression analysis. 90% of the change in 
interior noise level can be explained by loud speech, 99.5% by child and 99.7% by installation sound, 
sound level evaluation. 8% of the change in interior noise level can be explained by loud speech, 
98.9% by child and 76.4% by installation sound annoyance evaluation mean. In addition, 48% of the 
change in interior noise level can be explained by loud speech, 94% by child and 38% by installation 
sound average number of correct answers.  

When the data of the interior noise level regarding sound level and annoyance assessment averages 
are examined together, it is observed that it has positive correlation with both variables (Figure 3). 
Increased interior noise level has also led to an increase in sound level and annoyance assessment. 
Although they were at the same noise level, the volume of children's sound, loud speech and 
installation sound (from big to small) did not change in sound level or annoyance evaluation.  
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Figure 2 – Linear regression analysis 

 
When the correlation of dependent variables is examined, it is observed that there are very high 

correlations between sound level evaluation and annoyance while resting (r=0.871, p=0.000) and 
between annoyance while resting evaluation and annoyance while studying evaluation (r=0.887, 
p=0.000); and there is a high correlation between sound level evaluation and annoyance while resting 
evaluation (r=0.767, p=0.000). It is also read that no correlation is formed between the number of 
correct answers and sound level evaluation, annoyance while resting or studying (p>0.05).  

5091



 

 

  
 

Figure 3 – Linear regression analysis for three noise 

4.  CONCLUSİON 
In the social survey study conducted with 250 people, it was observed that the society tends to be 

mostly annoyed by loud speech and shouting sound, installation sounds and child running sound. 
Sounds of loud speech and shouting, installation and children were evaluated as being more annoying 
airborne noise than others. The number of samples should be increased in order to obtain the profile of 
the annoyance of the neighborhood noise of Turkish society.  

An examination of the results of the interior noise assessment of the listening test shows that loud 
speech, child and installation sounds are evaluated differently although they are at the same noise level. 
The difference stems from the sound’s spectrum discrepancy. The sounds contains high frequency 
components create a higher sound level perception and people have higher tolerances for lower 
frequencies. It is seen that the definition of regulation values only from the interior noise level does not 
fully reflect the diversity of sound encountered in daily life. which emphasized the importance of 
sound’s spectrum. 

When the annoyance while resting evaluations of 3 types of noise were examined with 5 -part 
division, it was observed that the jury evaluated 51.53% of class B, 53.06% of class C and 72.73% of 
class D as annoying or exceedingly annoying. In literature studies (10) it is stated that this ratio should 
be less than 10% or equal to at least 20%. That the ratios are far above the norm, may s tem from the 
usage of the mostly disturbed noise types. It is also thought that the majority of the jury profile's being 
composed of sensitive to noise persons is effective. For more comprehensive assessments, the 
proposed method should be applied on larger populations, and it should be researched to what extent 
the regulation values taken from COST Action TU0901 (6) study reflect Turkish population's noise 
annoyance perception. 

Future studies 
Future researches can explore more noise types through holistic approaches in  which the impact 

and airborne sound insulation are discussed together with the methodology used in this study. 
Although laboratory conditions simulate the home environment, it does not give the same result. For 
this reason, the practice of similar studies in the dwellings of the individuals, in the conditions in 
which their relations with their actual neighbors are also considered, may give interesting results.  
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ABSTRACT 
The "Regulation on Protection of Buildings against Noise” was issued by the Turkish Ministry of 
Environment and Urbanization in May 2017. The regulation was put into force partially in May 2018 
obliging all new buildings to follow acoustical requirements. In May 2019, acoustical project by an 
acoustical expert will be obligatory for large scale or multifunctional buildings. The regulation aims to 
introduce a scheme for acoustical performance evaluation, ranging from A to F following the EU/COST TU 
0901 project outcomes and ISO-CD19488. 
 
This study aims to demonstrate the application of the regulatory requirements with field measurements and a 
survey. Airborne and impact sound insulation, indoor noise level, service equipment noise level and 
reverberation time were measured in 6 residential buildings and acoustic performances were analyzed 
according to the classification scheme. A survey was conducted with the residents of the buildings. The 
results were compared and the applicability of the regulation was discussed.  
 
Keywords: Acoustic, Performance, Classification, Regulation 

1. INTRODUCTION 
The new regulation of Turkey "Regulation on Protection of Buildings against Noise” settles the 

limit values for sound insulation and sound levels in buildings; provides methods for noise protection 
of buildings and introduces acoustic performance evaluation [1,2]. The regulation is prepared in 
accordance with EU/COST TU 0901 Harmonization Project and ISO/AWI TS 19488 Acoustics and 
proposes 6 classes for evaluation of acoustic performance [3,4]. According to the regulation all new 
buildings should provide Class C performance while existing buildings should provide Class D 
performance in the event of a renewal project. The acoustical class of a building is inferred from the 
minimum of performance parameters: airborne and impact sound insulation between neighboring units, 
façade sound insulation, airborne sound insulation inside the dwelling unit, service equipment and 
indoor background noise levels and reverberation time. The insulation rating descriptors accepted for 
use are DnT,w + C (DnT,A), D2m,nT,w + Ctr (DnT,A,tr), and L'nT,w. If low frequency sounds are in question, an 
acoustic consultant may also use DnT,w + C50-3150 (DnT,50), D2m,nT,w + Ctr, 50-3150 (D2m,nT,50), and L'nT,w + 
CI,50-2500 (L'nT,50). The service equipment noise level limits are defined in LAeq,nT for continuous noises 
and LAFmax,nT for intermittent noises. The interior background noise limits are defined in LAeq. The 
limit values are defined for each acoustic performance class. In order to comply with a class 
measurement results should not show more than 2 dB adverse deviations from the limit. The regulation 
defines only one reverberation time limit for acoustic performance classes from A to D. This limit must 
be satisfied for a building to be classified in acoustic performance class A to D. 

Although the after-construction measurements are not kept obligatory, an acoustic performance 
certificate can be granted upon proving performance with acoustical measurements.  In this study, 
acoustic performances of 6 buildings were evaluated after measurements  in selected dwellings. 
Occupants’ opinions were gathered with a survey. Some of the pre-results were discussed in [5,6]. 

                                                        
1 ayca.sentop@bilgi.edu.tr 
2 nurgun@itu.edu.tr 
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2. METHODOLOGY 

2.1 Selection of buildings 
6 Buildings were selected for the study (Table 1). A preliminary analysis was made regarding to 

plan layout and surrounding in order to select buildings that were exposed to different noise conditions. 
Two of the buildings Yildiz Technical University lodge [YTU] and Istanbul Technical University 
Lodge [ITU] were located in university campuses, and consisted of 3+1, 2+1 and 1+1 housing units. 
The main noise issue was neighboring noise. One of the buildings Ruyakent [RUY] was located in a 
quite surrounding and consisted of units that share only one common wall in kitchens; therefore floors 
were the main concern for noise evaluation. Another building Finanskent [FIN] had moderate 
environmental noise and a plan layout that contained neighboring bedrooms. Floor and façade 
evaluation may be critical for occupants’ comfort. Last 2 buildings Kuleli [KUL] and Erka Konsept 
[ERK] consisted of 3+1, 2+1 and 1+1 housing units and they were located next to main roads. 
Performance related to both exterior and interior building elements were expected to be important. 

Table 1 – Selected buildings 

 

2.2 Measurements 
One dwelling (housing unit) and its neighbors were measured in each building. Sound insulation of 

building elements was measured according to ISO 16283-1-3 [5-7]. The results were given in DnT,A,tr , 
DnT,A , L'nT,w. Partitions between neighbors and partitions inside the dwelling were measured separately. 
The regulation aims not only the noise passing from neighbours but also noise that occur inside the 
dwelling. The environmental noise level was measured according to ISO 1996-2 during 24 hours [8]. 
Lden value was calculated to represent the outside conditions. Service equipment noise levels were 
measured according to ISO 16032 [9]. Tap water, flush and ventilation (if existed) sounds were used 
for evaluation. For each case, these bathroom sounds were analyzed in a bedroom that belonged to the 
same dwelling. The service equipment noise from parent’s bathroom was also measured. Although the 
regulation doesn’t leave this type of noise out of the scope, it was kept informative in this study. 
Finally, reverberation time was measured according to ISO 3382-2 inside the apartment corridors and 
rooms [10]. The results were corrected if the room was unoccupied during the measurement.  

2.3 Survey 
A questionnaire form was prepared to address different noise issues in buildings  by reviewing the 

socio-acoustic survey principles referred in ISO 15666 [13] and several other studies [14 -20].20 
residents were randomly selected and were interviewed face to face in 10 - 15 minutes of meetings. 
Several questions were asked involving overall comfort issues related to build ing and surrounding, 
demographic issues, time spent in house, noise related problems and reactions. Hearing conditions of 
various noise sources were investigated and resulted annoyance was rated.  Both 5 point likert scale 
and numerical scale from 0 to 10 were used. The annoyance was marked as “0” if the noise source was 
unheard. This gives a coherent result for some sources that can be assumed to affect each occupant, 
such as traffic or footstep. However, some other sources depend on life style, such as mus ic and tv. 
Evaluation of these annoyances will be further researched. The results were eliminated if the resident 
reported a hearing-related problem. In one case 2 responses were eliminated because of inconsistency 
in their responses. 
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2.4 Acoustic performance evaluation 
The measurement results were compared to regulatory limits and an acoustical performance class 

was assigned to each measurement result. Deviations up to 2 dB were neglected as stated in the 
Regulation. The overall acoustic classes were assigned according to minimum of the results.  

For classification of an entire building, random sampling would be necessary. However; the 
buildings were occupied at the time and permission was limited . Only in RUY and ERK additional 
measurements were possible in other dwellings. Since sampling criteria required by the regulation and 
ISO/AWI TS 19488 could not been met the measurement and survey results were put into an 
importance-performance matrix for comparison. Only the minimum measurement results were used 
for each acoustic performance parameter. 

3. Results 

3.1 Measurement results 
The measurement results are given in Figure 1. The regulatory limit values differ according to the 

function of the room. For a clear comparison of cases, bedroom results were plotted on chart and limit 
values for Acoustical Performance Class-C were shown. If more than one sample was measured for a 
performance, the adverse result was plotted on chart. In some cases this did not correspond to a 
bedroom result, so the second measurement was also marked on the chart. Further research is required 
on which of these performances was more influential for occupants’ judgement. Only the corridor 
reverberation times were put on the chart since occupied rooms already met the regulation limits. 

3.2 Acoustic performance evaluation 
Dwelling in Yildiz Technical University lodge (YTU):  
 YTU provided Class C airborne sound insulation performance between neighbours. The 

partitions between the bedrooms of the same dwelling were Class C, however partition between 
living room and bathroom was Class D with 2 dB deviation from the Class D requirements. The 
impact sound insulation was classified as Class C although there was 2 dB deviation from the 
limit value. Building’s façade met Class D. However the main noise issue was the children’s 
playground and there was no road nearby in this case. When C adaptation term was applied 
instead of Ctr in correspondence with ISO 717, the performance met Class C. This issue should 
be further studied with spectral analysis. 

 The indoor background noise level was found as Class B. The service equipment noise level 
was found Class B in the bedroom, and Class D in the living room. Also, the sound from 
parent’s bathroom was measured in parents’ bathroom and found as Class C. 

 All rooms met reverberation time criteria except for the apartment stairwell.  
 The overall sound insulation class was Class D due to lower performance of the wall between 

the living room and the bathroom. The overall acoustic performance assessment was Class E 
because of long reverberation time in apartment stairwell.  

Dwelling in Ruyakent Housing Estate (RUY): 
 Airborne sound insulation of partitions between neighbours was evaluated based on the 

measurement between two (secondary) living rooms of upstairs and downstairs, since the 
regulation and ISO/AWI TS 19488 states that unoccupied rooms shall not be selected as 
receivers [1,4]. The preliminary results were 58 dB corresponding to Class B. However, due to 
unfavorable measurement conditions and contradictory results of annoyance reported by 
occupants, the measurement was repeated and results decreased to 52 dB, corresponding to 
Class C. Wall between two adjacent kitchens was Class B and wall that separates the common 
corridor from the dwelling was found Class D but these results were kept informative. 
According to the regulation the limit values are 14 dB lower for walls with doors and this was 
applied to the latter case. The partitions inside the dwelling were evaluated as Class E based on 
the minimum of the results. The impact sound insulation was Class C. The façade airborne 
sound insulation was Class B. 

 The indoor background noise level was measured in a bedroom and an unoccupied living room. 
The measurement result in unoccupied room was standardized to a reverberation time of 0,5 sn. 
Both resulted as Class A. The service equipment noise level exceeded Class F requirements. 

 The reverberation time of apartment’s common corridor exceeded the limits. 
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       (b)        (c) 

Figure 1 – Measurement results a) sound insulation, b) sound level, c) reverberation time 
 

 The overall sound insulation class was Class E due to partitions inside the dwelling. The overall 
acoustic performance of the dwelling was below Class F due to the service equipment noise. 

Dwelling in Istanbul Technical University lodge (ITU):  
 Airborne sound insulation of partitions (walls and floors) between neighbours was found as 

Class D with the performance of the weakest wall, i.e. the wall that separated the  living room of 
a dwelling from the kitchen of the neighbor. Airborne sound insulation of partitions inside the 
dwelling and impact sound insulation was Class D. Façade was found as Class C.  

 The indoor background noise level was found as Class A. Bedroom of an empty apartment was 
also measured and standardized. The service equipment noise was not evaluated because; the 
bathroom and bedrooms were separated in plan layout. Sound level from parents’ bathroom 
was measured in parents’ bathroom and found as Class F. 

 The corridor hall reverberation time exceeded the limit value of 1,2 s. 
 Overall sound insulation class was Class D. Overall acoustic performance of the dwelling was 

Class E due to reverberation time. Service equipment noise level was not evaluated. 
Dwelling in Finanskent Housing Estate (FIN): 
 Airborne and impact sound insulation of partitions (walls and floors) between neighbors was 

found as Class C as well as the partitions inside the dwelling. Façade was also measured as 
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Class C. The airborne sound insulation of floor and façade elements were measured in living 
room as distinct from other cases where they were measured at least in one of the bedrooms. 
Both regulatory limits and sizes differ for bedrooms; therefore results were supported with 
additional measurements for clear comparison of cases. The results were Class C. 

 The indoor background noise level was found as Class B. The service equipment noise was 
measured as Class C. Sound level from parent’s bathroom was Class E, but it was not involved 
in overall evaluation. 

 The reverberation time of apartment corridor was 0,8 providing the limit value of 1,2s.  
 Both sound insulation class and the overall acoustic performance were found as Class C. 

Dwelling in Kuleli Apartment (KUL): 
 Airborne sound insulation of partitions between neighbors was evaluated as Class D. The 

partition between two bedrooms of the same dwelling was measured as Class E. Another 
partition with a sliding door separates bedroom from living room and was found as Class F. The 
impact sound insulation was Class E. The façade sound insulation was rated below Class F. The 
environmental noise levels were high in this area and required sound insulation was higher. 

 The indoor background noise level was Class C. The service equipment noise was Class F. A 
strong tonal component was noted around 500 Hz, caused by ventilation system of bathroom.  

 The reverberation time was sufficient in the apartment hall.  
 Sound insulation and the overall acoustic performance were below F because of the façade. 

Dwelling in Erka Apartment (ERK): 
 Airborne sound insulation of partitions between neighbors was evaluated as Class F. The 

partitions inside the dwelling were found as Class E. The impact sound insulation was Class C 
with 2 dB deviation from the required value. The façade sound insulation was Class E.  

 The indoor background noise level was measured in an unoccupied bedroom and after 
standardization it was found as Class A. The service equipment noise level was found as Class 
E. Sound level from parent’s bathroom was below F, but it was kept informative.  

 The apartment corridor reverberation time exceeded the reverberation limits.  
 Both sound insulation class and the overall acoustic performance were Class F. 

3.3 Survey results 
The respondents’ ratio who rated their annoyance more than 3 in scale of 0 to 10 are plotted on a 

chart in Figure 1. There were 20-25 participants from each building. At total 136 occupants 
participated in the survey and 131 responses were found valid.  

 YTU results showed that mechanical noises (radiators 55%, pump 50%, elevator 32%, water 
from neighbor 45% and water from own dwelling 35%), occupant’s own noise coming from 
next room inside the dwelling (35%) and speech sounds coming from apartment hall (35%) 
were the noise issues in the building. Amongst outdoor noise sources children sound coming 
from outside was rated as annoying by 53%. The pump noise was especially efficient at lower 
floors. All occupants living at ground and 1st floor were annoyed with the average of 9 / 10. 

 RUY results showed that occupants of this building complained more about speech sound 
coming from upstairs/downstairs (61%), footstep (52%) and neighbor’s water sound (50%). 
Upstairs child running was rated by 42% and speech from apartment hall was rated by 45%. 

 ITU results showed that the most important noise issue was speech sounds from next-door 
(58%). Both footstep sound from upstairs and occupant’s own noise coming from next room 
was rated by 47%. Upstairs-child run was rated by 40%, speech from apartment hall by 42% 
and speech from up/downstairs by 37%. Amongst outdoor noise sources, construction sound 
was rated by 42%. Considering that dwellings at the farthest edges of the building were more 
advantageous regarding the plan layout, next-door speech annoyance was re-analyzed 
excluding these dwellings and the annoyance rating rose up to %75.  

 FIN results showed that main noise issue related to the building was the speech sounds coming 
from apartment hall (55%). Upstairs child run (40%) and speech sound from 
upstairs/downstairs (32%) created also noise issues. Additionally, the annoyance related to 
elevator sound rose to 33% when only the dwellings adjacent to the elevator were in question. 

 KUL results showed that occupant’s own noise coming from next room was rated by 39% and 
music coming from upstairs or downstairs was rated by 32%. The most common noise problem 
in this case was the outside noises (traffic 67% and construction 50%). The building consisted 
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of two blocks, Block A faced a highway and Block B faced dense urban settlement. The 
building had T-shape plan layout and Block A provided a barrier for Block B. Consequently, 
traffic related annoyance rose up to 85% in Block A while it was 45% in Block B. In Block B, 
annoyances related to outside speech and outside music were 31% and 45% respectively. The 
outside construction noise was important in both Blocks (38% in Block A and 64% in Block B). 

 ERK results showed that 56% of occupants rated speech sounds from next -door, 55% rated 
speech sounds from apartment hall and 50% rated footstep from upstairs. Footstep from 
apartment hall (41%), upstairs child run (35%) speech sound from upstairs/downstairs ( 36%), 
music from next-door (%31) were other issues. Water sound from both neighbor and own 
dwelling annoyed 36%. Amongst outdoor noise sources, traffic was rated by 45%, speech 
coming from outside was rated by 32% and construction was rated by 32%. Considering that 
buildings higher than 21,5 m are classified as high-rise buildings in Zoning Regulation for 
Planned Areas [21] , the responses from 8th and upper levels were grouped and the annoyance 
related to outside noise sources were analyzed in two steps. The variance was important for 
outside-speech results. Reported annoyance was 50% in lower levels while none of the 
residents in upper levels was annoyed by this source.  

 
Figure 2 – Survey results corresponding to the percentage of annoyance 3 or more.  

3.4 Importance – performance analysis of the results 
Importance-performance matrix is an analysis method usually used in marketing in order to provide 

efficient source management. In the matrix, y-axis shows the achieved performance and x-axis shows 
the relative importance given by the customer to that performance. Based on this approach sound 
insulation-annoyance matrix is prepared. Sound insulation is given in y-axis and annoyance is given in 
x-axis. According to the Regulation, Class C acoustical performance is mandatory for new buildings 
[1]. Deviation of the result from the Class C sound insulation limit value is plot on y -axis. According 
to [17] fraction of respondents responding 3 or higher should be under 20%. Following this assumption 
the axis intersection is driven from 20%. As a result, 4 cells are occurred in the graphic.  

The results are expected to fall in 1st (favorable situation) and 3rd (primary improvement required) 
cells. 4th cell represents low annoyance in spite of the weak performance. The reason of a data in this 
cell can be that the noise source is inactive or active for only a small period or that it has lower level 
than expected. 2nd cell represents observations where there’s high annoyance although the regulation 
requirements are met. The reasons should be analyzed. It may be due to characteristics of the noise of 
interest or a wrong assumption in the study. More samples should be measured, and subjects should be 
interviewed. A possible misinterpretation is that building element in question may be different than the 
one effecting subjects’ evaluation. If annoyance due to a specific noise source falls in this cell in all 
studies, regulation requirements should be reviewed.  

Survey and measurement results were plot on the matrix. The horizontal (represented as ‘H’) and 
vertical (represented as ‘V’) sound transmissions between neighbors and corresponding annoyance 
were shown in Figure 3. The outdoor noise sources (represented as ‘OUT’) and annoyance were shown 
in Figure 4. Only the speech, footfall and traffic sounds were analyzed because they tend be more 
consistent throughout the building.  
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Figure 3 – Survey results corresponding to the percentage of annoyance 3 or more for indoor noises.  

 
Figure 4 – Survey results corresponding to the percentage of annoyance 3 or more for outdoor noises.  
In occupied buildings, sampling criteria suggested by the regulation is not always feasible due to 

restrictions brought by occupants. The importance-performance analysis can be a way of verifying the 
acoustic performance evaluation of the building. In figure 5 and 6, the ‘X’ marks represents the 
primary results that were used in the graphic, later replaced with additional measurements or group 
analysis as explained earlier.  

Annoyance related to vertical speech transmission was high in RUY, however sound insulation 
measurement results were relatively high, contradictory to the annoyance. When the room conditions 
were changed, and measurements were repeated, results were more satisfactory. The vertical speech 
transmission and façade insulation were measured in a living room in FIN and they did not correlate to 
the annoyance levels. The results were replaced by bedroom results in competence with all the other 
cases. In YTU, there wasn’t any main road nearby and the main noise source was the playgrounds. 
DnT,A was used in primary results but later replaced by DnT,A,tr for clear comparison and to be further 

5100



 

 

discussed. The survey results were analyzed according to plan layouts of the building and residents 
were grouped according to their exposition level. In ERK, upper levels were not exposed to speech 
sounds from outside; therefore the percentage was replaced with the percentage of floors up to 7. KUL 
consisted of two Blocks, Block A was exposed to traffic noise and Block B to the outside -speech noise 
and the percentages are re-calculated separately for each Block. 

4. CONCLUSIONS 
Acoustical performances of 6 buildings were evaluated based on the acoustical measurements. 

Façade sound insulation, airborne and impact sound insulation between neighbors, airborne sound 
insulation inside the dwelling, background noise levels, service equipment noise levels and 
reverberation time results were compared to the regulatory limits and an acoustical performance class 
was assigned for each performance. A survey study was conducted with the residents of the buildings. 
The results were compared in importance-performance matrix and relevancy of annoyance to the 
results that were selected as basis for acoustic performance evaluation was discussed.  
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ABSTRACT 
Most European countries specify limit values for airborne and impact sound insulation in housing. The 
requirements are expressed by descriptors defined in ISO standards implemented also as European and 
national standards. A comparative study investigating the regulatory requirements for airborne and impact 
sound insulation between dwellings in 35 countries in Europe has been carried out. The comparison shows 
considerable differences in terms of descriptors, frequency ranges and level of requirements. 
Sufficient sound insulation between dwellings is important to protect against noise from neighbours and to 
provide privacy and possibilities for activities without causing annoyance. In addition to acoustic regulations, 
more than one-third of the countries have developed acoustic classification schemes with classes reflecting 
different levels of acoustical comfort/protection. In some countries regulations point to a specific acoustic 
class, but are in other countries independent. The interactions will be described. All schemes have minimum 
two classes above regulations, thus enabling specification of higher acoustic quality than regulations, but 
typically only one class below regulations, implying that major parts of older housing cannot be classified. It 
is concluded that acoustic classification schemes should preferably include classes covering all existing 
housing, independent from construction year, thus allowing acoustic labelling in analogy to energy labelling. 
 
Keywords: Sound insulation; Dwellings; Acoustic regulations, Classification 

1. INTRODUCTION 
Findings from national social surveys in several European countries have shown that noise from 

neighbours’ activities annoy many people living in multifamily housing. Results from several countries have 
been compiled and published in 2009, see [1]. However, while health implications of traffic noise have 
been quite thoroughly investigated by WHO and the European Environmental Agency (EEA) for decades 
and several reports published, neighbour noise is only addressed in a few studies like e.g. WHO LARES [2], 
where e.g. sleep disturbance from neighbour noise is reported as almost the same as for traffic, while 
other noise sources are far below. References to other surveys newer than those included in [1] are 
found in e.g. [3]. The far most extensive national studies have been made in UK, see [4,5], with very detailed 
interviews and reporting. According to these surveys, adverse implications of neighbour noise on 
home life seem to be the same as for traffic noise, i.e. sleep disturbances, use of rooms, quiet activities 
(reading, writing, resting), having a conversation, listening to music/radio/TV. The EU Environmental 
Noise Directive (END), [6], requires national mapping of external noise and action plans every fifth year, 
but there seems to be no European policies concerning sound insulation between dwellings. 

Regulatory sound insulation requirements for dwellings exist in more than 30 countries in Europe. 
In some countries, requirements have existed since the 1950s or even before, while in others, regulations 
came later or do not yet exist. Comparative studies of descriptors and regulations in 2008 for 24 countries 
in Europe are described in detail in [7,8] with result updates and extensions to 35 countries in 2013 
in [9]. Acoustic classification schemes are described in [10,11]. Findings show that descriptors, requirements 
and classification schemes in Europe represent a high degree of diversity. Updates to April 2019 will be 
included in this paper as well as interaction between acoustic regulations and classification schemes. 
Since regulations apply to new housing, and a major part of the European housing stock has been built 
before any national acoustic regulations existed, a tool for description of acoustic quality of old housing 
is most often missing, if national acoustic classes do not exist or relevant classes are missing. 
                                                      
1 bir@sbi.aau.dk 
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2. METHODOLOGY 
The methodology for collection of data for national acoustic regulations follows the principles 

outlined in [7], i.e. the analysis is primarily based on direct access to the documents describing the 
requirements. Such documents could be building regulations or publications referred to in the building 
regulations. In some cases, typically for countries with ‘‘difficult” languages, documents were accessed 
mainly through contact persons. As indicated in [10], structures of legislation differ widely, including 
contents, size and number of relevant documents.  In some countries, the documents specifying the 
requirements are available at the web, but in many countries, they must be purchased from the 
standardization organizations. The work builds on experience and contacts from previous surveys. 
The major challenges were finding the right documents and sections and not least the language issue . 
Concerning the acoustic classification schemes, the methodology and challenges were similar. 

3. REQUIREMENTS FOR SOUND INSULATION BETWEEN DWELLINGS 
In this Section are found the results of a comparative study of sound insulation descriptors and 

requirements in 35 countries in Europe. Acoustic regulations are most often for new-build only, and 
the limits described in this Section apply to new housing. Detailed requirements and conditions are 
found in the building regulations or in the documents referred to in the regulations .  

The original main study for 24 countries is from 2008 and the findings described in [7-8]. In 2011-
2013, Bulgaria, Croatia, Cyprus, Greece, Luxembourg, Macedonia FYR, Malta, Romania, Scotland, 
Serbia and Turkey were added as new countries, and requirements updated for the Czech Republic, 
Iceland and Portugal due to revision of the building regulations. The findings from the updated and 
extended study to 2013 for 35 countries are described in [9] published in 2014, but the background, 
explanations and most details are found in [7-8]. Out of the 35 countries included in [9], five countries 
(Cyprus, Luxembourg, Macedonia FYR, Malta, Turkey) had no requirements. 

For the current study, regulations have been updated with new/revised regulations for Poland 
(2015), Sweden (2015), Germany (2016), Finland (2018), Turkey (2018) and a mistake in the 
regulations for Romania corrected. For the updated list of 35 countries, four of the 35 countries 
(Cyprus, Luxembourg, Macedonia FYR, Malta) have no requirements.  

The acoustic descriptors applied in building regulations are defined in the ISO standards [12,13] for 
measurement and rating, although some countries apply additional national variants or conditions. Within 
building acoustics, ISO standards are usually implemented as European (EN) standards and national standards. 

Sound insulation descriptors applied in national sound insulation requirements for dwellings are 
shown in Table 1 for 31 countries in Europe (since 4 of the 35 countries do not have acoustic 
regulations). Based on the results presented in the Table 1, the diversity of descriptors applied in 
Europe is obvious. Sound insulation descriptors are defined in ISO 717 [12], which unfortunately 
allows a high variety of descriptors. Detailed, comparative studies of sound insulation descriptors for 
regulations and classification schemes (housing) are described in [7,8]. Efforts were made and are 
still made to promote harmonization of descriptors in Europe, see e.g. [9,14]. 

The main requirements for airborne and impact sound insulation in 35 countries are pres ented in 
Tables 2 and 3. The results clearly indicate the diversity in Europe. The comparison reveals significant 
discrepancies in descriptors and requirements for dwellings. For both airborne and impact sound 
insulation, several descriptors are applied in Europe, see Tables 1-3. 

Table 1 – Sound insulation descriptors applied for regulatory requirements  
between dwellings in 31 countries in Europe. Status April 2019. 

Airborne sound Impact sound 
No. of 

countries Descriptor No. of 
countries Descriptor 

15 R'w 17 L’n,w  
7 DnT,w 9 L’nT,w 
3 R‘w + C 2 L’nT,w + CI 
3 DnT,w + C 2 L’nT,w + CI,50-2500 
1 DnT,w + C50-3150 1 L’w  
1 DnT,A (≈ DnT,w + C100-5000) ? Variants 
1 DnT,w + Ctr ? Recommendations 
? Variants ? Special rules 
? Recommendations   
? Special rules   
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Table 2 - Airborne sound insulation between dwellings. 
Main requirements in 35 European countries (1)  Table 3 - Impact sound insulation between dwellings. 

Main requirements in 35 European countries (1) 
Requirements (1) 

Status April 2019 
Multi-storey 

housing Comments  Requirements (1) 
Status April 2019 

Multi-storey 
housing Comments 

Country Descriptor (2) Req. [dB] See notes 
below table  Country Descriptor (2) Req. [dB] See notes 

below table 
Austria DnT,w ≥ 55 (3)  Austria L'nT,w ≤ 48 (3) 
Belgium DnT,w ≥ 54 (3)  Belgium L'nT,w ≤ 58 (3),(5) 
Bulgaria R'w ≥ 53 (5)  Bulgaria L'n,w ≤ 53  
Croatia R'w ≥ 52   Croatia L'w ≤ 68 (6) 
Cyprus N/A N/A (8)  Cyprus N/A N/A (10) 
Czech Rep. R'w ≥ 53 (3)  Czech Rep. L'n,w ≤ 55 (3) 
Denmark R'w ≥ 55   Denmark L'n,w ≤ 53  
England & Wales DnT,w + Ctr ≥ 45 (10)  England & Wales L'nT,w  ≤ 62 (12) 
Estonia R'w ≥ 55   Estonia L'n,w ≤ 53  
Finland DnT,w ≥ 55   Finland L’n,w + CI,50-2500 ≤ 53  
France DnT,w + C ≥ 53   France L'nT,w  ≤ 58  
Germany R'w ≥ 53 (3),(5)  Germany L'n,w ≤ 50 (3) 
Greece R'w ≥ (50) (8),(9)  Greece L'n,w ≤ (60) (10),(11) 
Hungary R'w + C ≥ 51 (3)  Hungary L'n,w ≤ 55 (3) 
Iceland R'w ≥ 55 (4)  Iceland L'n,w

 ≤ 53  (4) 
Ireland DnT,w ≥ 53 (5)  Ireland L'nT,w  ≤ 62  
Italy R'w ≥ 50 (6)  Italy L'n,w ≤ 63 (8) 
Latvia R'w ≥ 54   Latvia L'n,w ≤ 54  
Lithuania DnT,w or R'w ≥ 55 (4)  Lithuania L'n,w ≤ 53 (4) 
Luxembourg N/A N/A (8)  Luxembourg N/A N/A (10) 
Macedonia FYR N/A N/A (8)  Macedonia FYR N/A N/A (10) 
Malta N/A N/A (8)  Malta N/A N/A (10) 
Netherlands R'w + C ≥ 52   Netherlands L’nT,w + CI ≤ 54  
Norway R'w ≥ 55 (4)  Norway L'n,w ≤ 53 (4) 
Poland R'w + C ≥ 50 (5)  Poland L'n,w ≤ 55  
Portugal DnT,w ≥ 50   Portugal L'nT,w ≤ 60  
Romania R'w ≥ 51   Romania L'n,w ≤ 62  
Scotland DnT,w ≥ 56 (10)  Scotland L'nT,w ≤ 56 (12) 
Serbia R'w ≥ 52   Serbia L'n,w ≤ 68  
Slovakia R'w or DnT,w ≥ 53 (3)  Slovakia L'n,w or L'nT,w ≤ 55 (3) 
Slovenia R'w ≥ 52   Slovenia L'n,w ≤ 58  
Spain DnT,A ≈ DnT,w+C100-5000 ≥ 50   Spain L'nT,w ≤ 65  
Sweden DnT,w + C50-3150 ≥ 52   Sweden L’nT,w + CI,50-2500 ≤ 56 (7) 
Switzerland DnT,w + C ≥ 52 (3),(7)  Switzerland L’nT,w + CI ≤ 53 (3),(9) 
Turkey DnT,w + C ≥ 52   Turkey L’nT,w ≤ 54  

Notes 
(1) Overview information only. Detailed requirements and conditions 

are found in the building codes.  
(2) No generally applicable conversion between the different 

descriptors exists, as the relations depend on characteristics of 
rooms and constructions. Exact conversion can only be made in 
specific cases. 

(3) In AT, BE, CZ, DE, HU, SK, CH, 3-9 dB stricter limits apply for row 
housing. 

(4) Use of R’w + C50-5000 recommended. If applied, the limit value may 
be reduced, see regulations. 

(5) Horizontal, requirement for vertical is 1 dB higher (Bulgaria, 
Germany, Poland) / lower (Ireland). 

(6) The indicated limit values are for private housing. Requirements 
for public dwellings are 3 dB stricter (Class II in UNI 11367:2010). 

(7) Flats for rent. If owned by occupants, limits are 3 dB stricter. 
(8) No regulatory requirements.  

In Luxembourg, most often limits from Belgium or other 
neighbouring countries are applied, dependant on the consultant.  

(9) Proposed requirements, not yet mandatory. 
(10) Although England & Wales and Scotland are parts of UK, they  

are listed as separate countries due to different requirements. 

 
Notes 
(1) Overview information only. Detailed requirements and conditions 

are found in the building codes.  
(2) No generally applicable conversion between the different 

descriptors exists, as the relations depend on characteristics of 
rooms and constructions. Exact conversion can only be made in 
specific cases. 

(3) In AT, BE, CZ, DE, HU, SK, CH, 3-10 dB stricter limits apply for 
row housing. 

(4) Recommended that the same criteria are fulfilled by L’n,w + CI,50-2500. 
(5) From “non-bedrooms” outside the dwelling to a bedroom ≤ 54 dB 

is required. 
(6) L'w not defined in ISO 717-2. It is assumed to be L'n,w. 
(7) The same criteria shall also be fulfilled by L'n,w. 
(8) The indicated limit values are for private housing. Requirements 

for public dwellings are 5 dB stricter (Class II in UNI 11367:2010). 
(9) Flats for rent. If owned by occupants, limits are 3 dB stricter. 
(10) No regulatory requirements.  

In Luxembourg, most often limits from Belgium or other 
neighbouring countries are applied, dependant on the consultant. 

(11) Proposed requirements, not yet mandatory. 
(12) Although England & Wales and Scotland are parts of UK, they  

are listed as separate countries due to different requirements. 

 
In order to facilitate a comparison between countries, all requirements have been converted into 

estimated equivalent values of DnT,w and L’nT,w based on assumptions about rooms and construction 
types, see [7]. In case of the equivalent DnT,w being an interval, the average value has been used. The 
equivalent values are estimates only, as exact conversion is not possible. A graphical presentation of 
the requirements for airborne and impact sound insulation are presented in Figures 1 and 2 , and it is 
seen that especially the requirements for impact sound differ considerably across Europe, since the 
range for airborne is about 7 dB, and for impact about 18 dB.  
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Figure 1 – Overview of airborne sound insulation requirements between dwellings. Status April 2019. 

Graphical presentation of estimated equivalent values of DnT,w.  
Note: The equivalent values are estimates only, as exact conversion is not possible. 

 

 
Figure 2 – Overview of impact sound insulation requirements between dwellings. Status April 2019. 

Graphical presentation of estimated equivalent values of L’nT,w.  
Note: The equivalent values are estimates only, as exact conversion is not possible. 

4. ACOUSTIC CLASSIFICATION SCHEMES IN EUROPE − OVERVIEW 
Acoustic classification schemes (ACS) define a number of quality classes reflecting different levels 

of acoustic comfort and protection, see illustration in Table 4. The ACS are national and very different due to 
lack of coordination between countries. An overview of existing national acoustic classification schemes 
in Europe for dwellings, [15-28], is found in Table 5. For each scheme listed, the class denotations, 
number of classes and the relation to the national building code are indicated. Information about the 
background for an international proposal is found in [29], and the ISO/FDIS in [30]. Table 5 also 
includes number of classes below and above the national regulations.  

Table 4 – Range of acoustic quality classes using various, partly FICTIVE ranges and denotations 

   
High acoustic  
protection and 

comfort 

Acoustic quality class 
   

Low acoustic  
protection and 

comfort 

A B C D E F 
III II I       
    a b c d 
 A B C D   
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Table 5 – European schemes for acoustic classification of dwellings, [15-28], relation to building 
regulations and class information. ISO/FDIS 19488 (2018), [29], included for comparison.

 
The variety of airborne and impact sound insulation descriptors applied in the classification 

schemes for housing in Table 5 are found in [11], Tables 5 and 6 (although Latvia is missing due to the 
author’s unawareness of the LV acoustic classes). Limit values, status 2012, are found in [31].  

When considering the information in Table 5, some schemes may appear similar, e.g. NL and IT, 
but they are very different, since sound insulation descriptors, class intervals, ranges and position of 
quality classes vary between the countries. Several differences between the national acoustic classifi-
cation schemes are found, see details described in e.g. [3,9,11,14]. From [11], it is seen that the quite 
new Polish ACS [27] in the two upper classes applies the descriptor R’w + Ctr for sound insulation 
between dwellings, i.e. a similar approach as for regulations in England and Wales, but not applied by 
any other country in an acoustic classification scheme. 

It is obvious that acoustic classification could be relevant for existing housing before renovation 
by using lower classes suitable for existing housing. From Table 5 it is seen that four (FI, IS, NO, SE) 
of the Nordic countries and Italy have one quality class below regulations, Lithuania and the 
Netherlands have two classes, Austria and Germany (DEGA 103) 1+npd. DK and TR have three 
classes below regulations, implying a much higher chance of classifying older housing. Germany (VDI 
4100) has none, thus following the original idea of acoustic classes to be only/mainly for specifying 
better acoustic conditions than regulations. To sum up briefly, the existing acoustic classification schemes 
do in general not include acoustic classes fitting major parts of the existing housing stock. In [32], which 
includes mapping of the Danish housing stock, i.e. number of dwellings according to construction year, 
constructions and estimated sound insulation, it was suggested to extend the DS 490:2007 with two 
lower classes E and F suitable for older housing, see also [10] and Figure 1 in [33]. An extension like 
that could pave the road for a future acoustic labelling in a similar way as for the mandatory energy labelling 
used also for existing buildings, including housing and many other building categories.  

Comparing the data from the classification schemes in Europe, see Table 5, detailed class criteria 
in [15-28] and descriptor tables in [11], several differences are found, e.g. the following: 

− Number of quality classes (3 to 6) and denotations. Note: “npd” not counted as a class.  
− Descriptors used for sound insulation criteria.  
− Use of low-frequency spectrum adaptation terms according to ISO 717:2013.  
− Intervals between classes. 
− Range of quality classes (  6 to 22 dB for airborne,  6 to 30 dB for impact) and position.  
− Relation to regulatory requirements. 
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Quality class intervals and actual limit values (not just descriptors) are found in [31], status 2012. 
Use of low-frequency descriptors are dealt with in [11]. 

5. INTERACTION ACOUSTIC REGULATIONS AND CLASSIFICATION SCHEMES 
From Table 5 it is seen that in six countries (DK, IS, NO, LT, LV, TR), the BR refers to Class C in 

the national ACS as the acoustic regulations. The same principle was applied in SE until 2015, where 
the regulatory limit values instead were included in the BR, and the Class C columns in [19] included 
no longer limit values, but defined the BR limit values as Class C. Thus, there is still a dependency 
between BR and ACS in SE, although the other way. In the remaining six countries, the interactions 
are more mixed, although in five of these countries, the BR limit values correspond approximately to 
a class, and in AT, they are the same as in Class C. Note: None of the acoustic classes C are the same.  

As examples on interaction, the following explanations apply to the five Nordic countries:  
DK: BR [34] refers to Class C in [15], which includes only housing. 
FI:  No interaction between BR [35] and ACS [16] 
IS:  BR [36] refers to Class C in [17] for all buildings. 
NO: BR [37] refers to Class C in [18] for all buildings. 
SE: The ACS [19] has no limit values for Class C, which is defined as the actual regulations [38]. 

Considering the sound insulation requirements in more than 30 countries in Europe and the whole 
collection of national acoustic classification schemes in 13 countries in Europe, the lack of harmonization 
is regrettable for several reasons, one of them being difficulties with exchanging construction 
solutions for various sound insulation performance levels .  

An important topic is also the whole structure of a building codes and related documents. In many 
countries, it is very difficult to get a complete overview of acoustic regulations, guidelines and 
recommendations due to a complex variety of documents published by authorities, institutes, councils, 
standardization organizations and various other organizations and with no joint document linking 
those documents together. For many countries, it could be recommended to simplify considerably, e.g. 
by having – as in Norway [18] – the acoustic part of the building code referring to a specific acoustic 
class in a classification scheme, which should include all building applications and thus be the starting 
point for the acoustic design of any building. 

Some countries have separate, stricter regulatory limit values for row housing than for multi-storey 
housing, see notes in tables 2-3. Correspondingly, one of the German classification schemes [23] has 
a separate set of criteria for these two housing types. An untapped potential seems to be available, if 
applying an ACS in e.g. the following way: 

− Acoustic regulations for new row housing: Class B  
− Acoustic regulations for new multi-storey housing: Class C 
− Acoustic regulations for renovated housing, e.g. Class D  
− The lower acoustic classes for older housing for description of the acoustic quality as 

information only or as basis for decision about renovation.  
− Acoustic classes could also be applied as basis for acoustic evaluation in green building certification. 
− Acoustic labelling according to the same principles as energy-labelling  

6. CONCLUSIONS & RECOMMENDATIONS 
Findings from the comparative studies show as in previous studies considerable differences in 

descriptors and limit values. It’s also found that the structure of documents related to the regulations 
often is very complex. Language issues often make it difficult to find the right paragraphs, but even 
without language problems, it’s often a challenge.  

It would be preferable to have a more harmonized acoustic classification scheme with classes 
appropriate for both new and older buildings – and even as a tool for green building certification. A 
system with the building regulations pointing to one document with all acoustic limit values for 
various buildings in separate sections, e.g. like in [18]. An overview of various acoustic classification 
schemes, including other buildings than housing is found in [39]. 

Since acoustic conditions is a hidden quality, labelling would be useful to provide ‘visible’ 
information about the acoustic quality concerning protection against neighbour noise and at the same 
time indication of own possibilities for activities without disturbing neighbours.  

At last, it must be noted that the limit values included in this paper should not be applied directly, 
but the original documents consulted, since details and conditions are found in these documents. 
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Acoustic regulation in hospitals – Interior acoustics improving the 
recovery of patients 

Georg SCHÖNER1 
1 Rockfon (ROCKWOOL International A/S), Denmark 

ABSTRACT 
Busy environments are bound to be noisy, and hospitals are no exception. The rampant noise found in modern 
hospitals are caused by a variety of sources; including patients, staff and medical alerts, making hospitals 
unable to meet the desired acoustic levels recommended for recovery.  
Evidence-Based Design can reduce treatment times, the consumption of medication by patients, as well as 
create an environment that supports better sleeping patterns and calmness. For example, a study of 416 
patients has shown that quieter environments can reduce hospitalization periods.  
Major European countries, such as NL and IT, still miss acoustic regulations for the healthcare sector. Other 
countries, such as FR, DE, ES, PL, FI, UK and the Scandinavian countries, have specific regulation for 
hospitals in place. 
The presentation will analyze the particulars of the acoustic requirements in 9 European countries. In addition, 
the discussion will get initiated on what a meaningful “common denominator” looks like for countries with 
neither interior acoustic guidance nor regulations in place. 
 
Keywords: Hospitals, Regulation, Room acoustics 

INTRODUCTION 
The requirements and guidance for room acoustics in hospitals in Europe vary by which technical 

parameter is used, by the stringency of a given parameter, and by the area of the hospital, which is 
governed depending on the use of the different room types.  

When analyzing the technical parameters used, for example, in patient rooms a reverberation time 
is used in DK, FI, FR, NO, and SE. The reverberation times range from 0,5 seconds, for a class C 
patient room according to the Swedish standard, to 0,8 seconds in FI, FR and PL. ES and DE use the 
relation of an absorption area in a room, to the volume of the room, and the UK used the relation of 
absorption area to floor area. 

The compartmentalization of hospitals also differs. For example, the French order from 2003, on 
the limitation of noise in healthcare facilities, differentiates between staff rooms, patient rooms, 
examination rooms, treatment rooms, offices, canteens, hallways, lobbies and any other room with a 
volume between 250 to 512 m3, as well as rooms with a larger volume than 512 m3. 

 
An overview of sound absorption requirements and guidance specific for patient rooms in hospitals  

is given in table 1. The overview does not include other parameters that might be required in the given 
countries, such as a speech transmission index (STI), above 0,6 in Finland, and the various classes in 
certain countries. For example, in Norway and Sweden, the referred standards include sound quality 
classes A to D. A class A is equivalent to an especially good sound climate, where a class C rating is 
acceptable for the average person. The values in table 1 are the requirements to achieve a class C 
rating in a room. 

In table 1, the “A” represents the absorption area of the room in m2, the “FA” represents the floor 
area of the room in m2, the “V” represents the room volume in m3 and “RT” the reverberation time. 
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Table 1 – Overview of requirements and guidance specific for patient rooms in hospitals 

Country 
Denmark 

(1) 

England 

(2) 

Germany 

(3) 

Finland 

(4) 

France 

(5) 

Norway 

(6) 

Poland 

(7) 

Spain 

(8) 

Sweden 

(9) 

Requirements/guidance 

for patient rooms 

RT  

<0,6s 

A/FA  

>0,8 

A/V  

>0,25 

RT  

< 0,8s 

RT  

<0,8s 

RT  

<0,6s 

RT  

<0,8s 

A/V  

>0,2 

RT  

<0,5s 
 

DISCUSSION 
The presentation will analyze the commonalities and difference of the acoustic requirements 

between these 9 European countries. Afterwards, a first conclusion is drawn what a meaningful 
“common denominator” could be for countries with neither interior acoustic guidance, nor an acoustic 
regulation in place. This serves as input for the discussion after the presentation.  

 For countries with requirements in place, a common reference can lead to more alignment over 
time. An example of a great first step in this area for residential building is ISO TS 19488 - Acoustic 
classification of dwellings, by ISO technical committee 43 working group 29.  
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Development of a modified impact testing method for 
simultaneously evaluating multiple floor toppings 

Wayland DONG1; John LOVERDE2 
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ABSTRACT 
Materials such as floor coverings, screeds, and resilient matting are commonly applied on top of a floor-
ceiling (structural) assembly to improve the impact noise insulation. Theory and experience show that the 
benefit of such materials increases with frequency, with minimal e ect below the natural frequency of the 
resilient materials and the largest e ect at high frequencies. This improvement in impact insulation is added 
to the base performance of the structural assembly. Floor design can involve multiple parameters (finish floor, 
screed thickness, resilient mat thickness) even from the same manufacturer or product line, and the number 
of permutations rises quickly. These permutations must also be tested on multiple structural assemblies. The 
authors investigated a modified testing method where multiple top-side assemblies could be installed on the 
same structural assembly, allowing for a more e cient testing process allowing direct comparison of 
materials. The expectation is that airborne and low-frequency impact insulation would be consistent since 
the base assembly is unchanged, but high-frequency impact insulation would provide the same, consistent 
result as a full-scale test. Data from the investigation is presented and analyzed to validate the model and 
document the uncertainties. 
 
Keywords: Low-frequency, High-frequency, Impact, Airborne, Insulation 

1. INTRODUCTION 
Floor coverings are materials applied on top of the base floor-ceiling assembly that are not used to 

meet structural or fire resistance requirements. Floor coverings primarily include finish floors, screeds, 
and resilient materials designed for impact noise isolation, but also include materials for thermal 
control, waterproofing, leveling, etc. A common class of product for improving impact insulation is 
resilient matting installed either below the finish flooring or below a gypsum concrete screed. Many 
products can be installed with a wide variety of finish floors and structural systems, and the product 
must be tested in the laboratory with multiple finish floors and on all of the structural assembly types 
that may be encountered. The number of combinations quickly rises to unmanageable quantities.   

Here we begin development of a modified test method in which the floor surface is divided into 
zones, enabling testing of multiple floor toppings on the same structural assembly. This will 
significantly reduce the time and cost required to assembly the necessary data , with the supposition 
that the results will provide the same information. In this paper, we explain why the modified method 
is expected to yield similar results as full floor testing, and begin testing to validate the method. 

2. ANALYSIS 
It is well documented that the improvement in impact insulation due to floor coverings is 

approximately zero below the resonance frequency of the floor covering, and increases with frequency 
above the resonance frequency (1–3). In other words, there are two frequency domains that are 
relevant to the impact insulation of an assembly. At low frequencies (below the resonance frequency 
of the floor covering), the isolation is determined by the properties of the structural system and the 
floor covering can largely be ignored. At high frequencies, the minimum level of isolation is 
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determined by the base assembly, but the impact insulation is determined largely by the properties of 
the floor covering. 

Because the low and high frequency domains are due to different physical processes, the testing 
program can be optimized to obtain the desired acoustical information with increased efficiency. 

2.1 Rating for low-frequency impact noise  
The authors have shown that the low-frequency impact isolation can be characterized by the levels 

in the 50, 63 and 80 Hz bands generated by the standard tapping machine (4,5). The rating for 
measuring low-frequency impact isolation in the field called Low-frequency Impact Rating (LIR) and 
is calculated by 

 (1)  
where   refers to the energetic sum of the impact sound pressure levels in the 50, 63, and 80 
Hz third-octave bands. For assemblies controlled at low frequencies, this rating is well correlated with 

, which is the recommended metric in the COST Action (6), and the recommended 
classification schemes for the LIR are also consistent with the COST Action guidelines (7). 

Although originally intended for field testing, the same rating can be applied to any measurement 
of impact sound pressure levels at the appropriate frequency bands, including laboratory testing. When 
calculated using normalized levels measured in the laboratory per ASTM E492 (8), the rating is named 
Low-frequency Impact Insulation Class (LIIC) and is calculated in the same manner:  

 (2)  
The measurement uncertainty increases at low frequencies, and the reproducibility between 

laboratories at those frequencies is expected to be poor. The statistics of LIIC have been investigated 
(9). Important conclusions from the previous study include confirming that the finish flooring did not 
appear to have any effect on the LIIC rating, and measuring the standard deviation of LIIC in the same 
chamber to be around 2–4 points (depending on the assembly). While this variation is sizable, the 
study also confirmed that by averaging a sufficient number of tests, even small differences be tween 
assemblies (on the order of a few dB) could be accurately measured.  

2.2 Rating for high-frequency impact noise 
Impact noise at high frequencies depends strongly on the local compliance of the surface that is 

struck by the falling hammer (10). The resultant behavior is that the improvement in impact insulation 
level ( ) due to floor coverings is 

 (3)  

where  is the frequency,  is the resonance frequency of the floor covering, and K is a constant 
(typically 30 or 40) that depends on the type of covering and how it is coupled to the structure (1–3). 
The resonant frequencies of available floor coverings varies widely, but the authors have shown that 
evaluation of the high-frequency impact isolation can be evaluated by including the bands from 400 
Hz and above (4). Even for materials that have resonance frequencies below 400 Hz, the improvement 
in those bands is small compared to higher frequency bands. Ratings such as IIC and  become 
controlled by lower frequency bands, and therefore do not accurately describe the amount of high 
frequency isolation that the assembly provides.  

The authors have therefore proposed a new family of high-frequency impact ratings that are 
intended to accurately portray the effect of floor coverings. The calculation procedure is the same as 
the IIC rating, except that the frequency range is from 400–3150 Hz, and the 8 dB rule is not 
implemented. There is a high-frequency version of each of the existing ratings; the laboratory rating 
is High-frequency Impact Insulation Class (HIIC). 

For most floors with ratings below IIC 55 (  above about 55), the HIIC and the IIC are usually 
the same. For high-performing floors with high-performing floor coverings (i.e., with low resonance 
frequencies), however, the HIIC can greatly exceed the IIC. Consider the numerous case studies in 
which floors with insufficient high-frequency impact insulation were successfully mitigated with 
changes to the assembly (7,11). In these assemblies, the HIIC ratings increase dramatically (15-20 
points) along with subjective reaction, while IIC ratings remain nearly unchanged. 
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2.3 Rationale 
Based on this behavior, we consider the feasibility that installing multiple floor coverings on the 

same structural assembly would result in the same low and high-frequency impact ratings as the full 
installation. 

For low frequency measurements, the floor covering has minimal effect. If multiple floor coverings 
are installed on the same assembly, measurement of the low frequency impact insulation should yield 
the same result when measured on any of them. This is complicated by several factors. The uncertainty 
in measurement of LIIC is large, so that only the average of several tests is meaningful. Further, the 
noise level can vary with tapping machine location, and the locations will in general be different with 
multiple floor coverings as oppose to a single one. Since the result is averaged over tapping machine 
positions, however, the low frequency rating on average should be the same whether measured over 
single or multiple floor coverings. 

For high frequency measurements, for “locally reacting” floor coverings, the specimen size is not 
important by definition. For floating floor coverings, the specimen needs to be of sufficient size that 
the response to the tapping machine is the same as the full floor installation. For example, it is 
generally assumed that the laboratory (full floor) installation of approximately 10 m2 is representative 
of field conditions where the floor area may be much larger. ISO 10140-1 (12) Annex H allows floor 
covering measurements to be made on 3 or more small specimens (large enough only for a single 
tapping machine position), and 10140-5 (13) Annex G allows lightweight wood floor mock-up that is 
2.0 x 2.6 m (5.2 m2). However, it remains for experiment to determine the differences between full 
floor installations and smaller areas. 

For airborne isolation, the floor covering would be expected to have an impact if it changes the 
mass of the assembly. If multiple floor coverings are tested simultaneously, the airborne isolation 
should be similar to the full floor installation if each covering has similar mass. In other words, all of 
the floor coverings installed should be of the same type. 

3. Proposed Method 
The proposed method is internally referred to as “Floor Zone”. The structural assembly is built and 

installed in the test opening in the usual fashion. The top surface of the structural assembly is divided 
into zones. Multiple configurations are possible; here we consider dividing the floor into 4 equal zones 
(quadrants). 

The laboratory in which this was tested has total specimen area of 10.98 m2. The zones are 
separated by 2x4 lumber (approximate dimensions 38 x 89 mm). The lumber borders are lined with 
perimeter isolation material in the same manner as the perimeter of the specimen. The size of the 
resultant zones is 1473 mm x 1778 mm (2.62 m2). See Figure 1.  

Four impact tests are performed, with four tapping machine positions on each zone. The tapping 
machine positions are as defined in ASTM E492 (8), except oriented based on the center of each zone 
rather than the center of the entire floor area. The receiving room microphone positons and 
measurement procedure is the same as for an full floor installation. Airborne testing is also performed 
in the same manner as if the installation were the full floor.  

 

 
Figure 1 – A picture of the top surface of the assembly divided into 4 Floor Zones. A different floor topping 

will be installed in each Floor Zone. 
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4. Evaluation 
The Floor Zone concept has been tested on a wide variety of base structural assemblies, including 

concrete slabs, wood and steel trusses, timber joists, wood I-joists, and cross-laminated timber. Here 
we present the data for tests using wood open web trusses, 457 mm (18 in.) deep, with fiberglass 
insulation, 19 mm (3/4 in.) oriented strand board subfloor, and one layer of 16 mm type C gypsum 
board ceiling on resilient channel. All of the assemblies tested included a gypsum concrete screed 
(various thicknesses), with a variety of sound mats both above and below the screed. Finish floors 
included none (bare gypsum concrete), several luxury vinyl plank floors, engineered wood, ceramic 
tile, and carpet. Over 30 full floor installations were measured and over 20 Floor Zone installations 
with four floor coverings each. 

4.1 Airborne 
Histograms of the STC ratings for full installation versus Floor Zone (FZ) is shown in Figure 2. 

Almost all of the full floor installations used 25 mm (1 in.) gypsum concrete screeds. The Floor Zone 
toppings sometimes varied the gypsum concrete thickness from 19 mm (3/4 in.) to 38 mm (1.5 in.), 
but the average over the floor was a similar total weight. Therefore it is not surprising that the airborne 
isolation tests do not show any difference between full installation and Floor Zone. 

 
Figure 2 – Histogram of STC ratings for full installation vs. Floor Zone 

4.2 Low-frequency impact  
The statistics of LIIC ratings is shown in Table 1 and Figure 3. There was no apparent difference 

in the low frequency rating of this assembly with changes in floor topping. That is, selecting subsets 
of the tests with specific flooring or matting types or gypsum concrete thickness did not affect the 
average or the width of the distribution. This confirms the previous study (9).  

 
Table 1 – LIIC statistics for open web truss assemblies  

 Full floor Floor Zone 
Count 23 83 
Mean 56.5 55.4 

Standard deviation 3.2 4.6 
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Figure 3– Histograms of LIIC ratings for full installation vs. Floor Zone 

 
The spread of the data is wider with the Floor Zone compared to full floor installations. Some of 

the variation may be attributed to tapping machine position, which are closer to one corner for the 
Floor Zone testing. However, there is no apparent bias in the average LIIC of each quadrant and the 
overall average. Therefore, the LIIC ratings for the zones can be averaged to obtain a measurement of 
the LIIC of the structural system, irrespective of finish floor.  

4.3 High-frequency impact 
Confirmation that the high frequency impact ratings were similar between full floor and Floor 

Zone installation proved to be more difficult than expected. The issue was that even though all of the 
testing was performed in the same lab, the repeatability between different tests of the same assembly 
was poor. For example, the two tests shown in Figure 4 and Table 2 have identical descriptions and 
were tested in the same lab less than one year apart. Both assemblies are full floor installations with 
no finish floor. 

 
Table 2 – Single number impact ratings for nominally identical assemblies 

 Test A 
(blue) 

Test B 
(red) 

IIC 53 55 
LIIC 62 56 
HIIC 52 56 

 
Figure 4 – Impact spectra for nominally identical assemblies 
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The authors have measured the variation in “rebuild repeatability” before (14,15). Uncertainties of 
this magnitude require averaging a large number of tests to evaluate the difference between full floor 
and Floor Zone testing. Without a very large number of tests, it is difficult to separate the differences 
between floor coverings from the uncertainty in the overall test method. As an indication, Table 3 and 
Figure 5 are a subset of the open web truss data; the tests on the left have no finish floor while the 
tests on the right have an engineered wood finish floor. The Floor Zone tests shown are not from 
different quadrants of the same test; they are of single quadrants of different tests that had the same 
floor topping. 

From this data, the variation between Floor Zone tests of the same assemblies is not any larger and 
may be smaller than the variation between full floor tests of the same assemblies. There remains 
variation between the Floor Zone tests and the full floor tests. However, this variation does not appear 
to be any larger than the variation between full floor tests, i.e., between the uncertainty in the 
measurement method.  

Table 3 – Single number ratings for nominally identical assemblies 

 
Full 
(blue 
solid)  

Full 
(blue 
dash) 

Floor 
Zone 
(red 

solid) 

Floor 
Zone 
(red 

dash) 

Full 
(blue)  

Floor 
Zone 
(red 

solid) 

Floor 
Zone 
(red 

dash)  

Floor 
Zone 

(red dot-
dash) 

IIC 53 55 57 58 57 54 57 55 
LIIC 62 56 60 63 53 49 53 49 
HIIC 52 56 57 58 63 59 58 58 

 

 
Figure 5 – Impact spectra of tests shown in Table 3. Full floor tests are blue and Floor Zone are red. 

5. SUMMARY 
A method (Floor Zone) has been developed to measure multiple floor coverings on the same 

assembly. As expected, the division of the floor covering does not affect the airborne noise isolation 
or the low frequency impact noise isolation of the assembly. The exact relationship between the full 
floor and Floor Zone tests for the broadband and high-frequency impact noise ratings is currently 
undetermined due to the large uncertainty and poor repeatability of the measurement method , which 
was anticipated. This investigation shows that the Floor Zone method is viable and does not show a 
significant reduction in accuracy from the Full Floor method. The adoption of the method does not 
appear to negatively affect the measurement limitations. 

Although not the purpose of the modified method, this testing also provides confirmatory evidence 
to the theoretical expectations that low frequency impact noise is determined by the structure, while 
the high frequency noise is largely determined by the reduction in impact noise provided by the floor 
covering. That is, evaluation, prediction, and design of impact noise isolation should occur in two 
independent frequency domains, which has been proposed as a means to evaluate impact noise (4).  
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ABSTRACT 
The standardized single-number quantities for evaluation of impact sound insulation do not correlate 
especially well with the subjective judgment of living impact sound sources directed to the floors. The aim 
of this study was to find new single-number quantities better associated with the subjective annoyance caused 
by di erent impact sounds. The new single-number quantities were developed on the bases of experimental 
data of laboratory measurements of impact sound insulation of floors and a psychoacoustic experiment. Five 
impact sound types were studied: walking with hard shoes, socks, and soft shoes, super ball bouncing, and 
chair moving. Basic requirement was that the new single-number quantities could be expressed as the sum 
of L’n,w or L’nT,w and new spectrum adaptation terms. Reference spectra for calculation of new spectrum 
adaptation terms for each sound type were derived by the means of a mathematical optimization method. In 
addition, an optimized reference spectrum based on all five sound types was derived. An optimized reference 
spectrum based on all five sound types explained the annoyance of the five sound types reasonably well. 
 
Keywords: building acoustics, impact sound insulation, single-number quantity 

1. INTRODUCTION 
It has been long recognized (1–5) that the single-number quantities (SNQ) presented in the standard 

ISO 717-2 (6) do not correlate especially well with the subjective judgment of living impact sound 
sources directed to the floors. There have been two strategies for solving the problems. Firstly, 
modifying or replacing the standard tapping machine as a sound source has been suggested. There is, 
however, some evidence indicating that the alternative sound sources to the tapping machine do not 
necessarily lead into a better association between the objective SNQs and subjective rating  (7). The 
second strategy for solving the problematics concerning the association between the SNQs and 
subjective rating is defining a new SNQ based on the tapping machine as a sound source (8). Several 
alternative SNQs for rating the impact sound insulation of floors have been suggested since the 1960s 
(2, 9–12).  

A recent psychoacoustic experiment dealing with the impact sound insulation of concrete floors 
indicated that the standardized SNQs, L’n,w, L’n,w + CI and L’n,w + CI,50-2500 were not always well 
associated with subjectively perceived loudness or annoyance of different impact sound sources  (13). 
This concerns also the four alternative SNQs (2, 10–12).  

The aim of the study reported in this paper was to develop alternative SNQs for impact sound 
insulation that explain well the annoyance caused by various impact living sounds transmitted from 
the neighboring dwelling upstairs. Alternative SNQs concern five spectra lly different impact sounds 
(walking with hard shoes, walking with socks, walking with soft shoes, superball bouncing, chair 
moving) experimentally investigated in (13). The object also was to develop a SNQ that explains well 
the annoyance caused by all five impact living sounds. This paper is based on a wider study reported 
in the reference (14).  

                                                        
1 mikko.kylliainen@tuni.fi 
2 forename.surname@turkuamk.fi 
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2. MATERIALS AND METHODS 

2.1 Basic Requirements 
It seems obvious that the tapping machine will remain as the primary impact sound source (15). 

Therefore, it was assumed that a new method for rating the impact sound insulation could be found 
by deriving a better SNQ or reference curve instead of replacing the tapping machine with some other 
sound source, such as Japanese ball used in ISO 16283-2 (16). In addition, basic requirement was that 
the new single-number quantities could be expressed as the sum of L’n,w or L’nT,w and new spectrum 
adaptation terms. The alternative SNQs are developed for the frequency range 50–2500 Hz. 

2.2 Experimental Data 
The experimental data utilized in the study originates from a psychoacoustic laboratory experiment 

concerning subjective loudness and annoyance of different impact sounds. The conduction of the 
psychoacoustical experiment has been reported in the reference (13). The recording of living impact 
sounds and measurements of the impact sound insulation of different floors has been reported in the 
reference (17).  

The experiment involved 45 impact sounds. They were created by recording sounds of five 
different impact sound sources directed to nine different floor types in an impact sound insulation 
laboratory. The floor types consisted of nine floor constructions: a bare 265-mm-thick hollow core 
concrete slab (F1) and eight different floor coverings (F2–F9) installed on the top of F1. The 
normalized impact sound levels L’n [dB] were measured according to ISO 140-7 (18) using the tapping 
machine. The floor coverings and the impact sound insulation measurements have been described in 
detail in the reference (17). The floor coverings of constructions F2–F9 were: 

 
- F2: hard cushion vinyl (ΔLw = 2 dB), 
- F3: soft cushion vinyl ΔLw = 21 dB), 
- F4: parquet and soft underlayment ΔLw = 20 dB), 
- F5: hard wall-to-wall textile carpet (ΔLw = 21 dB),  
- F6: soft wall-to-wall textile carpet (ΔLw = 37 dB), 
- F7: F4 on top of a floating floor 1 (2 plasterboards and 13 mm mineral wool) ΔLw = 29 dB), 
- F8: F4 on top of a floating floor 2 (2 plasterboards and 50 mm mineral wool) ΔLw = 36 dB), 
- F9: F4 on top of a floating floor 3 (4 plasterboards and 50 mm mineral wool) ΔLw = 38 dB). 
 
In the impact sound insulation laboratory, five different impact sound types S1–S5 were recorded 

in for each floor type F1–F9. The sound types were: 
 
- S1: walking with hard shoes 
- S2: walking with socks 
- S3: walking with soft shoes 
- S4: super ball bouncing 
- S5: chair moving 
 
There were fifty-five voluntary people (25 male, 30 female) participating in the experiment. Their 

age varied between 20 and 57 years. The impact sounds were played from several loudspeakers 
installed above the suspended ceiling so that the impact sounds seemed natural. The participants 
judged the annoyance of each impact sound. The judgment for annoyance was given on a scale from 
0 to 10, value 10 indicating that the sound is “extremely annoying” and 0 “not at all annoying because 
the sound could not be heard”. The mean values of subjective annoyance (Figure 1) as a subjective 
variable were used in the optimization problem since annoyance is closely related to health effects of 
noise and acoustic comfort. The measured normalized impact sound pressure levels L’n are shown in 
Figure 2. 
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Figure 1 – Mean values of subjective annoyance for each combination of impact sound types S1–S5 and 

floor types F1–F9. In addition, the mean over all five sound types (Mean) is shown. The variable on the X-

axis is categorical. Lines are used to facilitate the reading of data.  

 
Figure 2 – Measured normalized impact sound pressure levels L’n of the nine floor types F1–F9. 
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2.3 Mathematical Optimization 
Mathematical optimization was used to solve our problem instead of using sophisticated guess 

method although both methods may end up to very similar outcomes. Reference spectra for calculation 
of new spectrum adaptation terms for each sound type were derived by the means of a mathematical 
optimization method. In addition, an optimized reference spectrum based on all five sound types was 
derived. Virjonen et al. (19) have already developed optimized reference spectra for airborne sound 
insulation by applying mathematical optimization to experimental data presented in the reference (20). 
The mathematical optimization method is an effective and quick method for the derivation of a 
scientifically justified SNQ. 

The formulation of the optimization is presented in detail in the reference (14). The subjective 
variable for each floor type and sound type was defined as the mean of the ratings of annoyance given 
by the 55 participants. It was assumed that the subjective variable depends linearly on the SNQ.  

The goal was to find an optimal reference spectrum for each impact sound type S1–S5. The 
optimized reference spectrum for impact sound type S1 was called LS1. For each impact sound type, 
such a reference spectrum was sought, that the subjective annoyance had the best achievable least -
squares fit with the resulting SNQs. The optimal reference spectrum was determined by formulating 
the problem as a non-linear optimization problem with constraints, and solving it numerically.  

The optimized SNQ can be expressed as a sum of the weighted normalized impact SPLs L’n,w and 
a spectrum adaptation term. E.g. spectrum adaptation term for impact sound S1, CI,S1, can be expressed 
as 

 
      (1) 

 
In addition to sound type optimized reference spectra derived above, an optimized reference 

spectrum over all five sound type was also derived. This is meaningful since the construction 
performances are declared using a single SNQ which is expected to represent all impact sound types 
sufficiently well. The optimized reference spectrum was called Lopt and the SNQ calculated from it 
L’n,w + CI,opt. This reference spectrum was derived by adding all 45 experimental sounds (9 floor types 
times 5 sound types) into the same pool. 

3. RESULTS 
The optimized reference spectra are presented in Fig. 3. The squared correlation coefficients 

between the standardized and optimized SNQs and the mean annoyance are given in Table I.  
 

Table 1 – Squared Pearson’s correlation coefficients r2 of the optimized and standardized SNQs for each 

impact sound type S1…S5. The best acquired value per sound type is underlined. 

SNQ S1 S2 S3 S4 S5 

L’n,w + CI,S1 0,93 0,38 0,75 0,35 0,73 

L’n,w + CI,S2 0,41 0,87 0,30 0,01 0,31 

L’n,w + CI,S3 0,91 0,35 0,77 0,42 0,69 

L’n,w + CI,S4 0,87 0,24 0,71 0,56 0,59 

L’n,w + CI,S5 0,75 0,26 0,61 0,20 0,87 

L’n,w + CI,opt 0,92 0,40 0,75 0,35 0,74 

L’n,w 0,68 0,09 0,54 0,30 0,80 

L’n,w + CI 0,83 0,17 0,68 0,44 0,75 

L’n,w + CI,50-2500 0,82 0,27 0,65 0,29 0,82 
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Figure 3 – The sound type optimized reference spectra LS1…LS5 for the impact sound types S1–S5 (panels 

a–e) and the optimized reference spectrum Lopt for all sound types S1–S5 (panel f). 

4. DISCUSSION 
The standardized SNQs L’n,w, L’n,w + CI and L’n,w + CI,50-2500 correlated relatively well with 

annoyance for sound types S1 (walking with hard shoes), S3 (walking with soft shoes) and S5 (chair 
moving). The correlation was poor for sound types S2 (walking with socks) and S4 (super ball 
bouncing). 

An optimized reference spectrum yielding a high correlation with annoyance could be derived for 
each sound type S1–S5. Compared with the SNQs presented in the standard ISO 717-2 (6), each 
optimized reference spectrum produced a higher squared correlation coefficient between the 
optimized SNQ and annoyance. Virjonen et al. (19) developed optimized SNQs for airborne sound 
insulation using the same mathematical method and the resulting SNQs also explained annoyance 
much better than any of the standardized SNQs. This shows that the mathematical optimization is a 
consistent and justified method in striving for SNQs associating the physical measurement results to 
the subjective experience of the impact or other sounds.  

Walking with socks (sound type S2) is among the most important residential impact sounds (7, 17, 
20). Thus, the standardized SNQ should be well associated with the annoyance of this sound type. 
None of the studied standardized SNQs correlated well with the experienced annoyance of walking 
with socks. 

A reference spectrum with a high correlation with annoyance also for sound type S2 (walking with 
socks) could be found using the optimization method because this sound type is among the most 
prevalent neighbor sounds in residential environments (22). The squared correlation coefficient 0.87 
was significantly higher than those of the standardized SNQs L’n,w, L’n,w + CI and L’n,w + CI,50-2500 (r2 
values within 0.09–0.27). All the sound type optimized reference spectra gave better squared 
correlation coefficients than any of the standardized SNQs. 
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The optimized reference spectrum for sound type S4 (super ball bouncing) produced a better 
correlation (r2 = 0.56) than the standardized single-number quantities L’n,w, L’n,w + CI and L’n,w + CI,50-

2500. The squared correlation of sound type S4 is, however, clearly lower than for the other sound types. 
One reason might be the narrow spread of annoyance responses. However, this cannot be the only 
reason since equally narrow spread was observed also for sound types S2 and S3. The  reason for low 
correlation seems to be floor type F6 involving a very soft wall-to-wall carpet. It produces a low SNQ 
value but the sound type S4 is judged quite annoying. The soft wall-to-wall carpet leads to the lowest 
SPLs from walking (S1–S3) and chair moving (S5), but S4 is an exception. This sound type S4 with 
wall-to-wall carpet generates similar impact sound spectrum as this sound type with floors F1–F5 (17) 
which explains this exception.  

It was found important to derive a single reference spectrum that would explain the annoyance 
responses reasonably for all five sound types simultaneously. Therefore, an optimized reference 
spectrum, Lopt was derived to predict the annoyance of all five sound types. According to Table I, the 
optimized reference spectrum is relatively good since it produced higher r2 values than any of the 
standardized SNQs for sound types S1–S3. The values were also reasonably high for sound types S4–
S5. Thus, the reference spectrum serves the original purpose of being better than any of the 
standardized SNQs. 

5. CONCLUSIONS 
Reference spectra for rating impact sound insulation of floors were derived by the means of a 

mathematical optimization method. An optimized reference spectrum could be developed for each five 
sound types. Each of them correlates better with the subjective annoyance of the impact sounds than 
any of the single-number quantities presented in the standard ISO 717-2 (6). In addition, an optimized 
reference spectrum could be derived which explained the annoyance of all f ive sound types reasonably 
well. 
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Abstract
Timber joist floors are widely applied in residential buildings. The accurate impact sound radiation prediction
of a bare timber joist floor is characterized by three main challenges. First, the prediction of the impact force
on a timber joist floor is more difficult than that for a traditional heavyweight floor, since the low impedance of
the timber joist floor induces more complex interaction between the excitation source and the floor. Second, the
dynamic behavior of the floor is strongly affected by several characteristics, such as the finite dimensions, plate-
joist coupling, orthotropic mechanical properties, boundary conditions, etc. Third, it is difficult to efficiently
compute the precise acoustic field for the whole building acoustic frequency range. This work proposes a two-
step numerical prediction model for impact sound radiation. First, the impact force of the ISO tapping machine
is computed, considering the floor-hammer interaction. Second, the vibration field is accurately computed by
a detailed finite element model of the floor, and the sound field in the room is subsequently computed by an
efficient diffuse field model. This prediction model is experimentally validated in a case study of a timber joist
floor. Differences between the measured and computed normalized impact sound pressure level according to
ISO 717-2 did not exceed 2dB.
Keywords: impact sound radiation, lightweight timber joist floor, ISO tapping machine, finite element
method, diffuse field model

1 INTRODUCTION
The market share of timber joist floors in residential buildings has steadily increased in recent years [1]. How-
ever, it is challenging to achieve good impact sound insulation with a bare timber joist floor, due to its light
weight [2]. The sound insulation of bare timber joist floors can be improved by adding components such as
a floating screed or a suspended ceiling, as demonstrated in experimental studies [3]. Homb et al. [4] cate-
gorized timber joist configurations into different groups, and experimentally investigated the effects of various
configurations on the impact sound insulation.

The efficient and cost-effective development and optimization of lightweight floor systems requires a compu-
tationally efficient and sufficiently accurate mathematical prediction of their impact sound radiation, because the
experimental testing of a large number of alternative configurations is usually expensive and time-consuming.
However, such a prediction generally needs to address several challenges, including the predictions of (i) the
impact force, (ii) the vibration field of the timber joist floor, and (iii) the sound power radiated by the floor
into a room.

The first challenge lies in the prediction of the impact force that is exerted onto the floor. Even for the
standardized ISO tapping machine [5], predicting the impact force with sufficient accuracy is challenging be-
cause, in contrast to heavy floors, the interaction between the actuator and the lightweight timber joist floor
cannot be neglected. Timoshenko and Goodier [6] investigated the local reaction of a rigid hammer excitation
on an infinite plate, and derived expressions of local force mobility. Brunskog and Hammer [7] analyzed the
hammer-floor interaction using a lumped mass-spring-dashpot model. However, the precise prediction of the
ISO tapping machine impact force on a lightweight floor remains challenging. The impact force is for example
determined by the hammer momentum change and the floor impedance [7, 8], which are generally difficult to
quantify precisely.

The second challenge is predicting the vibration field of timber joist floors. Analytical solutions for the vi-
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bration of lightweight periodical rib-stiffened plates have been provided, considering plate-joist coupling effects
[9]. Since the amount of complexity that can be handled by analytical prediction models is limited, numer-
ical approaches have also been presented. Kohrmann [1] constructed detailed finite element (FE) models to
extensively analyze vibrations of various Cross-Laminated Timber (CLT) plates with lumber joists, hollow box
girders, floating floors, and suspended ceilings. Paolini et al. [10] developed a high-order FE model of a CLT
structure, and the unknown model parameters were determined by matching simulated and measured modal re-
sults in a model calibration process. Nevertheless, also the predictive accuracy of the numerical models heavily
depends on the accuracy of the dynamic material properties of the floor components, and on whether the as-
sumptions regarding the connections between the different components and the boundary conditions are realistic
or not.

The third challenge, i.e., the prediction of the sound power that is radiated by the floor into the receiving
room, requires the consideration of different frequency regimes. Neves e Sousa and Gibbs [11] developed an
analytical model to compute the acoustic response in the room under a point-loaded floor at low frequencies.
They highlighted the effects of floor-room modal coupling on the acoustic response. Bard et al. [12] analyzed
the pressure field in the receiving room using a basis of analytical solutions of the Helmholtz equation. At
medium and high frequencies, the sound field in the room is usually modeled as diffuse [13]. Rayleigh integral
is typically available to numerically evaluate the radiated sound power [14].

The aim of the this work is to investigate to which degree of accuracy the impact sound insulation of timber
joist floors can be predicted with currently available, computationally efficient state-of-the-art approaches. A
practical numerical model is elaborated in this work for the prediction of impact forces, structural vibrations
and impact sound radiation. A case study of a timber joist floor is presented, in which the numerical model is
experimentally validated.

The outline of the paper is as follows. Section 2 introduces the proposed numerical prediction model for
impact sound radiation prediction of timber joist floors. Section 3 performs an experimental validation of the
numerical model in a case study of a timber joist floor. Finally, section 4 concludes the work.

2 NUMERICAL PREDICTION MODEL
This section presents a two-step numerical prediction model for impact sound radiation by a lightweight timber
joist floor. First, in section 2.1, the impact force of the ISO tapping machine is computed using the mass-
impedance model proposed by Brunskog and Hammer [7]. In the second step, the structural response of the
floor and sound pressure levels in the underlying room are subsequently computed by a FE-diffuse field model,
as given in section 2.2.

2.1 ISO tapping machine impact force
As commonly assumed, the tapping machine is modeled as a point excitation source with an impact period
T0 = 0.1s. Figure 1 shows a model for the tapping machine excitation at an angular frequency ωn, with n ∈ Z.
The hammer is described by its mass mh = 0.50kg and a blocked force with an amplitude of f̂bl,n. Using the
momentum-impulse theorem, the blocked force is given by [8]

f̂bl,n = mh∆v/T0 = mh∆v f0 (1)

where f0 = 1/T0 = 10Hz is the impact frequency, and ∆v is the hammer velocity change during an impact. ∆v
equals v0 and 2v0 for perfectly plastic and elastic collisions, respectively. An assumption is often made based
on the type of floor; alternatively, it is numerically approximated [7, 8].

As shown in Figure 1, the driving point impedance Zdp consists of a local part ZL and a global part ZG,
representing the resistance to local deformation at the hammer-floor contact surface, and the resistance to global
floor motion, respectively. For periodical excitation of the hammer, the impact force in the frequency domain is
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written as Fourier series coefficients:

f̂imp,n =
f̂bl,n

1+ iωnmh/Zdp
=

mh∆v f0

1+ iωnmh(ZG +ZL)/(ZGZL)
(2)

The global impedance ZG for a finite floor is complex, with its real and imaginary part representing the energy
dissipating part and stiffness part, respectively. In this work, the global impedance ZG is computed using the
detailed FE model of the floor presented in section 3. On the other hand, the local impedance ZL is analytically
computed using Timoshenko and Goodier’s approach [6]:

ZL =
2Erh

iω(1+ν)(1−ν)
(3)

where E and ν are the Young’s modulus and Poisson’s ratio for isotropic floor materials, and rh = 1.5cm is the
radius of the tapping machine hammer.

2.2 Impact sound radiation
This section describes a FE-diffuse field model to compute the structural vibration of the floor and resulting
impact sound pressure level in the underlying room. The structural vibration is predicted by a fully detailed FE
model of the floor. The sound field in the room is regarded as a combination of a direct field and a diffuse
field, such that the radiated sound power flows into the direct field, and then is reflected and dissipated at the
random boundaries of the diffuse field. The diffuse field model is computationally efficient, and its predictive
accuracy is satisfactory at middle and high frequencies.

ZG

ZL

f̂imp,n

f̂imp,n

mh

f̂bl,n

Zdp

Figure 1. Model for the ISO tapping ma-
chine hammer excitation on a floor.
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Figure 2. Top, front, and side view of the timber floor. The di-
mensions are in [cm].

At an angular frequency ω , the structural displacement at an arbitrary coordinate x due to an excitation at
the coordinate x0 is computed using modal decomposition:

û(ω,x) =
nm

∑
j=1

φ j(x)φ j(x0) f̂ (x0)

−ω2 +ω2
j + iηsωω j

(4)

where f̂ (x0) is the impact force at the coordinate x0, φ j(x) and ω j are the mode shape at the coordinate x and
angular natural frequency of the structural mode j, nm is the number of structural modes that are considered
to contribute to the structural response, and ηs is the structural damping loss factor. Next, the sound power
radiated by the infinitely baffled floor into the direct field is computed by

P̂rad = (ω/2)Im{ûH(ω)Ddirû(ω)} (5)

5128



in which û ∈ Cndof is the displacement vector, with ndof the number of structural DOFs along the floor-room
interface. Ddir ∈ Cndof×ndof is the dynamic stiffness matrix of the direct field, as seen from the floor-room
interface [17]. The notation (·)H denotes the Hermitian transpose, i.e., ûH = û∗T. Next, the radiated power P̂rad
is dissipated in the diffuse field of the room:

P̂rad = P̂diss (6)

in which the dissipated power P̂diss is computed by [18]

P̂diss = ωηaÊa (7)

where Êa is the sound energy averaged over an ensemble of rooms with the same volume V and acoustic
damping loss factor ηa, but with random wave scattering in the room and at its boundaries. The ensemble
mean of the sound energy Êa is easily computed using equations (5) to (7). The normalized impact sound
pressure level in the receiving room equals

L̂n = 10log
(
Êaρ0c2/(V p2

0)
)
+10log(A/A0) (8)

where c is the sound speed in air, ρ0 is the air density, p0 = 2× 10−5 Pa, and A0 = 10m2 are the reference
sound pressure and the reference absorption area, respectively.

3 IMPACT SOUND PREDICTION AND EXPERIMENTAL VALIDATION
In this section, the numerical model presented in the previous section is experimentally validated in the follow-
ing case study of a timber joist floor. Section 3.1 describes the considered floor. Section 3.2 illustrates the FE
model of the floor. Section 3.3 describes the measurement setups of an impact sound radiation test, an acoustic
reverberation test, and a structural reverberation test. Section 3.4 discusses the experimental validation of the
computed sound pressure levels for the ISO tapping machine excitation.

3.1 Description of the timber joist floor
Figure 2 shows the top, front, and side view of the considered lightweight timber joist floor, which is assembled
in a 3m× 3m opening in the KU Leuven Laboratory of Acoustics. The receiving room below the floor has
a volume of V = 87m3. The floor consists of two timber plates supported by a total of seven joist beams.
Each plate has nominal dimensions of 3m×1.5m×0.018m, and consists of seven thin timber layers. The fiber
orientations of two adjacent thin layers are orthogonal. Each beam has nominal dimensions of 3m× 0.07m×
0.19m, and is connected with the two plates by ten screws along the central longitudinal axis of the beam.

The floor components are assumed to be homogeneous, despite the inhomogeneous nature of the wooden
texture. Table 1 lists the densities ρ of the floor components, the Young’s moduli Ex and Ey of the seven
beams, and the Young’s moduli Ex and Ey, the major Poisson’s ratio νxy, and the shear modulus Gxy of two
plates. The stiffness parameters in table 1 were systematically calibrated using the experimentally determined
eigenmodes of separate floor components. The stiffness parameters of floor components that are not shown in
table 1 were either assumed according to [19], or computed from the determined parameters [20].

3.2 FE model of the floor
Figure 3 shows the FE model of the floor, which is assembled from the seven beam models and two plate
models, respectively. The beams and plates were constructed in ANSYS with 3D eight-node linear solid ele-
ments (of the SOLID45 type) of size 2.0cm×2.0cm×2.0cm, and with four-node linear thin shell elements (of
the SHELL181 type) of size 2.5cm× 2.5cm, respectively. The neutral plane of the two plates is 9mm higher
than the top surfaces of the beams. It is assumed that, at a screw point, the plate is strongly coupled to the
beam, such that the plate and the beam are vibrating without any relative translation or rotation. To achieve
such a plate-beam connection through the screw, all translational DOFs of the plate within a radius of 4cm to
the screw are coupled to the closest translational DOF of the beam.

5129



Component plate beam
No. 1 2 1 2 3 4 5 6 7

ρ [kg/m3] 515 535 489 511 593 561 484 524 534
Ex [GPa] 5.24 4.96 0.21 0.19 0.28 0.25 0.21 0.18 0.17
Ey [GPa] 4.53 5.06 13.99 13.42 16.28 15.33 14.02 15.06 14.84
Gxy [GPa] 0.30 0.33

νxy [−] 0.31 0.31

Table 1. Densities and calibrated stiffness parameters of the floor components.

It was assumed that some beam ends were lifted from their support when screwing the plates onto the
beams. Following this assumption, the boundary conditions were investigated by evaluating the effect of each
beam end on the modal characteristics. The boundary conditions were finally specified by keeping four beam
ends free, while constraining the vertical translational DOFs at the other beam ends. These boundary conditions
achieve better correspondences between the measured and computed modal characteristics than other ones that
had been investigated.

3.3 Measurement setup
An impact sound radiation test was performed, consisting of 16 setups. In eight setups, the ISO tapping machine
was placed above a beam, and in the other eight setups, the machine was placed at midspan between two beams.
In each setup, the sound pressure level was measured at eight microphone positions in the central zone of the
receiving room.

An acoustic reverberation test was performed, and the acoustic reverberation time Ta in the receiving room
was evaluated using the interrupted noise method as standardized in ISO-3382 [21]. The acoustic damping loss
factor ηa at angular frequency ω was computed by

ηa = 4.4π/(ωTa) (9)

Analogously, a structural reverberation test was performed, and the structural reverberation time Ts was eval-
uated using the integrated impulse response method as standardized in ISO-3382 [21]. Next, the structure
damping loss factor ηs at angular frequency ω was computed as follows:

ηs = 4.4π/(ωTs) (10)

Figure 2 shows the measured acoustic reverberation time Ta of the receiving room and the damping loss
factor ηs of the floor.

f [Hz] 63 125 250 500 1000 2000 4000
Ta [s] 2.18 1.16 1.03 1.31 1.52 1.49 1.27

ηs [%] 3.70 2.32 2.21 1.47 2.31 2.18 1.59

Table 2. Measured reverberation time Ta of the receiving room and the damping loss factor ηs of the floor.

3.4 Validation for tapping machine excitation
The ISO tapping machine impact force is computed using the approach in section 2.1. in which the hammer
excitation on the timber floor is assumed as a perfectly plastic collision. Figure 4 shows the computed equivalent
power spectra densities of the ISO tapping machine impact force. At frequencies below 100Hz, the magnitudes
of the impact force spectra are controlled by the floor stiffness, and are close to the pseudo force spectra. For
frequencies between 100Hz and 1000Hz, the results for excitation on top of a beam are different from the ones
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for excitation between beams. This is mainly due to the considerable difference of the point impedances at beam
and inter-beam positions. For excitation on top of a beam, a resonance peak appears at 550Hz, corresponding
to the mass-spring resonance that is determined by the hammer mass and driving point stiffness. At frequencies
above 1000Hz, the impact force spectra are controlled by the hammer mass.

X
Y

Z

Figure 3. FE model of the assembled floor
in ANSYS.

Figure 4. Computed power spectra densities of squared im-
pact force spectra of excitations on eight beam positions
(black solid line) and eight inter-beam positions (gray solid
line) in the sound radiation test.

Figure 5 shows the measured and computed normalized sound pressure levels in the receiving room that are
integrated over 1/48-octave bands and 1/3-octave bands, and averaged over eight beam positions and eight inter-
beam positions of the tapping machine, respectively. In general, the measured and computed sound pressure
levels have a similar order of magnitudes. The discrepancies between the measured and computed 1/48-octave
band integrated results are attributed to the moderate accuracies of the FE model of the floor, the estimated
structural and acoustic damping loss factors, and the measurement errors. The discrepancies at low frequencies
are also attributed to acoustic resonances, which are not considered in the diffuse room model, but influence the
acoustic response in this frequency range. Furthermore, the impact force of the tapping machine was computed
using the assumptions in section 2.1, resulting in additional model errors.

The correspondence between the measurements and computations is further evaluated by comparing single
number ratings in accordance with ISO-717-2-1996 [22]. The plots in Figure 5(c-f) show the single number
rating values in the form of Ln,w(CI), for the measured and computed normalized sound pressure levels inte-
grated in 1/3-octave bands. For both the beam and inter-beam excitation, the computed single number rating
differs only 0− 2dB from the measured one. Therefore, the numerical model given in section 2 gives a good
prediction of sound radiation induced by the ISO tapping machine.

4 CONCLUSION
This work proposes a two-step numerical prediction model for impact sound radiation by timber joist floors.
First, the impact force of the ISO tapping machine is computed using both the local and global impedance of the
driving point, and the latter is determined from a detailed FE model of the floor. Second, the structural vibration
and radiated sound power are computed using an FE-diffuse field model, which is both computationally efficient
and accurate at middle and high frequencies. This prediction model is experimentally validated in a case study
of a timber joist floor. Differences between the measured and computed normalized impact sound pressure level
according to ISO 717-2 did not exceed 2dB.
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(a) (b)

(c) (d)

(e) (f)

Figure 5. Measured (red dashed line) and computed (blue solid line) normalized sound pressure levels in the
receiving room integrated over (a,b) 1/48-octave bands and (c-f) 1/3-octave bands, and averaged over tapping
machine excitations at (a,c,e) eight beam positions and (b,d,f) eight inter-beam positions of the floor. The
measured results are also averaged over the microphone positions in the room. Plots (c-f) additionally display
shifted reference curves (black) and single number rating values Ln,w(CI) in accordance with ISO-717-2-1996.
The gray zones indicate the frequency range for single number ratings.
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ABSTRACT 

The problem of noise in dwellings is topic of large discussions nowadays. Not only airborne noise but also 

impact noise are responsible for decreased comfort of living. The subjective evaluation of impact noise 

sounds in dwellings are described in this paper. Listening tests based on method of adjustment (1) with 

statistically sufficient sample of tested subjects were performed in a listening test room in the laboratory of 

TGM where subjects compared the performance of acoustically presented floors. Impact noise stimuli were 

measured as the sound coming through various floor constructions with similar Ln,w values, sorted into three 

main groups: (i) masonry concrete structure, (ii) cross laminated timber (CLT) structure and (iii) light-weight 

timber structure. Comparisons of listening test performance with calculated single number quantities for each 

construction were prepared in order to understand the perception of presented sounds by dwellers. The results 

from this preliminary study are meant as a basis for adjusting of currently applied reference curve also with 

particular focus on the low frequency range. 

 

Keywords: Sound insulation of floors, sound transmission, impact noise, listening tests, psychoacoustic 

1. INTRODUCTION 

The impact sound with majority of sound energy in low frequencies, is nowadays perceived as one 

of the most unwanted noise sources in dwellings. The main reason is the serious impact of noise on 

human health (2-4). The disturbance of people by impact noise in dwellings was proved also in a large 

scale study in the framework of the Swedish research project AkuLite, which was running in the years 

2009-2013. In one of the performed experiments, walking neighbours were identified as the most 

annoying noise sources (5). Various single number quantities (SNQs) assessing impact noise 

performance of floors has been proposed after the study of Bodlund (6) and some of them were 

introduced in ISO 717-2:2013 (7). Later, modified version of Ln,w+CI,50-2500 with increased weight 

(importance) in frequencies below 50 Hz and above 400 Hz was introduced (8). The questions about 

subjective perception of impact noise have arisen in the last decade and in 2012 a study of Ljunggren 

et al dealt with matching of acoustic measurements with subjective judgements (9). In 2017 Kylliäinen 
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et al performed an experiment aimed on the impact sound insulation of concrete floors. This 

experiment showed inconsistency of subjective perception of loudness of impact noise with calculated 

single number quantities which are standardized in ISO 717-2 – L’n,w, L’n,w+CI, L’n,w+CI,50-2500 (10). 

In this paper, results of a preliminary study are presented, that show the influence of low frequency 

content of sound signals on human’s perception and judgement of loudness of sounds. 

2. DESCRIPTION OF LABORATORY LISTENING TESTS 

2.1 Tested subjects 

Listening tests were performed by 45 listening subjects. The age of participants ranges between 14 

and 63 years. (13 female and 32 male). None of them reported hearing problems. Each listener got the 

same instruction and explanation prior to the test to ensure the same conditions among them.  

2.2 Stimuli used in listening tests 

The stimuli were based on sounds recorded in receiving rooms, composed out of 6 steps of a 

walking person, coming through 9 different floor constructions. These constructions can be sorted into 

three different groups based on the main bearing structure as (i) heavy-weight concrete ceiling 

construction, (ii) floor construction based on cross laminated timber (CLT) panels and (iii) 

light-weight timber beam ceiling construction. The recordings were done under laboratory conditions 

in test stand for impact noise measurements at the facilities of TGM Vienna Acoustic Center Austria 

and in situ situations with low noise microphones placed 1 m from the ceiling: 

1“-Condensermikrophon (Type Brüel & Kjaer 4179 with Preamp Typ 2660) recorded on a SQuadriga 

II (Code 330), from Head Acoustics. Reverberation time in receiving room was adopted (if necessary) 

by sound absorption material to mimic conditions of an ordinary living room, i.e. T30 = 0.36 s. List and 

description of all measured ceilings is shown in Table 1. The recordings were arranged into the pairs 

according to the similar performance in terms of parameter Ln,w+CI,50-2500, with maximal difference of 

1 dB, since the so called just noticeable difference of sound level for low levels does not exceed 1  dB 

(11). Frequency spectra of considered ceiling sorted into pairs are shown in Figure 1. 

 

Table 1 – Ceiling constructions used as “filters” for sound recordings 

Code Type of construction Ln,w  / 

dB 

Ln,w+CI,50-2500 / 

dB 

CON1 Concrete 54 56 

CON2 Concrete standard floor with floating concrete floor with different kind of impact sound 

insulation material (polystyrene or mineral-wool) and gravel pouring  
51 52 

CON4  50 54 

BSP1 CLT 50 56 

BSP3 Cross laminated timber with different kind of floating floors (dry screed or concrete) with 

mineral-wool impact sound insulation slabs on gravel pouring, without suspended ceiling  
42 52 

BSP4  50 53 

HBD7  Light weight timber frame 50 56 

HBD8 Light weight timber frame floor constructions with different kind of floating floors (concrete 

or dry screed elements) on mineral-wool impact sound insulation slabs and different kind of 

suspended ceilings  

43 52 

HBDS  41 54 

2.3 Description of room used for listening tests 

Laboratory listening tests were performed in a silent environment in the listening test room at TGM 

– Die Schule der Technik, Vienna, Austria. To ensure the low background noise level the use of 

professional high-quality perception room is essential, since low level stimuli were presented during 

the listening test. The measured overall A-weighted background noise level inside the room was 

LA,eq = 17 dBA (measurement performed with Norsonic NOR 840 real time sound level analyser with 

a class 1 and B&K low-noise microphone). This room is furnished to be like a pleasant environment of 

a living room. All equipment which could possibly emit disturbing noise is placed outside in a 

neighboring control room – computer, second screen, etc. Thanks to that, the operator could stay 

outside of the room and was able to control the whole listening tests procedure. The 2
nd

 order 

ambisonic loudspeaker system which allows to choose any combination of presenting loudspeakers is 
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installed in this room. 

 

2.4 Listening tests procedure 

The performed listening tests were based on method of adjustment (1). The sound stimuli were 

presented via  loudspeakers from the installed ambisonic system (EVE Audio SC204) to reproduce 

sound coming from the ceiling to tested subjects. The low frequency content of the played stimuli was 

presented via two low frequency loudspeakers (EVE Audio TS110) hidden behind the test person. 

During the listening test, pairs of signals were played and subjects were asked to adjust the loudness of 

a second stimulus to sound as loud as the reference signal. Altogether 13 comparisons were presented  

in one test set - six were formed by pairs according to the above described rule played in random order 

twice as A-B, B-A, to avoid a possible bias. An additional 7
th

 pair contained two identical stimuli 

(HBD8) which were used for “calibration reason”, in other words, to understand the uncertainty of 

measurement by asking people to adjust two identical sounds to the same loudness. 

Each test subject was seated inside the listening room and was able to control the whole test with a 

tablet connected to the computer in the control room using graphical user interface (GUI) of the 

prepared test routine showed in Figure2. Each test set took around 15-20 minutes. Each subject has 

performed the listening test only once. 

 
 

 

Figure 1 – Frequency spectra for impact sound level Ln of used floor constructions   

 

Figure 2 – Graphical users interface of listening test 

5136



 

 

3. RESULTS AND DISCUSSION 

Distribution of answers obtained from listening tests shown below are expressed in percentage of 

given answers (Figures 3-5). The x axis shows values of sound pressure level in dB as following: The 

red line indicates the objectively measured value of Ln,w+CI,50-2500 and the blue bars shows answers of 

subjects, obtained as adjusted sound level of given signal to reference signal (to be perceived equally 

loud). Data are analyzed per each pair (defined earlier in this paper) one by one. 

Results for the so called “calibration pair” which consists of two identical stimuli (HBD8) are 

shown in the Figure 3. Ideally all answers should be identical with the red line, since the two sounds 

were equally loud. Based on the obtained answers it can be concluded, that the data form a nice 

gaussian distribution around the “correct answer” and a slight shift towards lower values is observed,  

which means that people have adjusted the signal slightly louder (in average 1-2 dB) than the reference 

signal. It can be concluded, that almost all subjects were able to set the loudness of the second stimuli 

almost correctly to Ln,w+CI,50-2500 = 53 dB, with a deviation of max. 5 dB. Almost half of the people 

made an error less than 1 dB. Answers of all persons with error > 5 dB in the calibration test were 

excluded from the final analysis. 

 

 

Figure 3 – Distribution of answers for “test” of test subjects which were taken into account for the analysis 

compared with calculated values of Ln,w+CI,50-2500  

  

Figure 4 Left - Distribution of answers for pair BSP4 - HBDS compared with calculated values of 

Ln,w+CI,50-2500, Right -  example of HBDS – BSP4 
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Figure 5 Left - Distribution of answers for pair CON2 – CON4 compared with calculated values of 

Ln,w+CI,50-2500, Right -  example of CON4 – CON2 

 

When analyzing pairs one by one, different trends were observed. In several cases a large spread in 

data was seen. 

The comparison between BSP4 and HBDS is given in the Figure 4. The reference signal (HBDS) 

Ln,w+CI,50-2500 = 52dB is drawn in red and the sound signal that subjects were adjusting (BSP4) is 

indicated in black color. Answers of people are in blue. 

Based on the obtained results, and the large spread of answers it cannot be concluded, that single 

number quanity Ln,w+CI,50-2500 corresponds with subjective perception the best. 

Furthermore a number of research questions arises, such as : 

On which bases people take decision about the loudness of 6 consequently arriving impulsive 

sounds? Do they take the average value, or do they take the loudest step or the last they hear into 

comparison? 

The statistical distribution of all answers (from all pairs) shows two groups of answers. First one 

from people who were deciding about the loudness level based on low frequency components and 

second one, that decided based on differences in high frequencies. Deeper analysis is therefore 

necessary in more detail, in which also individually recorded steps need to be analysed, maybe 

compared with recorded sound from standardized rubber ball.  
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ABSTRACT  
Contrary to community noise field, the combined effect of multiple noise sources on annoyance have 
not been investigated in building acoustics. Therefore, the present study aims to quantify the total 
annoyance and emotional reaction caused by indoor noises from the upstairs and next-door neighbours. 
Footstep sounds were recorded in a laboratory equipped with a timber joists floor in different 
configurations. Listening tests were then performed to assess the relationship between psychological 
variables (annoyance, arousal, and valence), physiological measurements (fEMG, EDA, heart rate and 
respiration rate) and sound stimuli in several scenarios. In the first part, the perception of individual 
impact and airborne noise was evaluated considering the sound insulation performances of different wall 
and floor structures. The participants were also asked to evaluate the total annoyance, arousal and 
valence in the second part when impact and airborne sound sources were presented at the same time. 
Annoyance ratings for both single and combined noise sources were mainly affected by the sound 
pressure level; however, sharpness also contributed to the annoyance ratings. It was also observed that 
the annoyance ratings of the combined noise sources were influenced by the sound insulation 
performances of the wall and floor. The findings of this study would be helpful to understand how we 
perceive the combination of noise sources we are usually exposed in timber houses.  
  
Keywords: Lightweight buildings, Annoyance, Combined noise sources  

1. INTRODUCTION  
Interest in lightweight constructions is flourishing in Europe. Timber buildings, in particular, offer a 

more environmentally sustainable alternative compared to traditional heavyweight constructions. 
However, acoustics comfort in such spaces is still not sustainable for dwellers. For instance, in multi-
storey lightweight residential buildings, residents are frequently exposed to impact noise caused by 
upstairs neighbours as well as airborne noise transmitted from side units. This noise exposure negatively 
impacts the occupants causing stress and reducing the quality of psychological well-being in their home.  

Annoyance due to combination of noise sources has been previously investigated in community noise 
field. As a result, different models have been proposed and tested in order to predict the total annoyance 
caused by environmental noise sources such as aircraft, road traffic and railway noise (1, 2). The 
combination of acoustic sources has also been studied to enhance urban soundscape.  Particularly, adding 
water sounds to urban sound field resulted to be effective by masking urban noise such as construction 
sites and road traffic (3). Previous study also highlighted the key role of non-acoustic factors in the 
evaluation of the total annoyance caused by combination of noise sources (4). Moreover, noise 
sensitivity was an essential variable in understanding subjective responses to environmental and 
buildings noise, specially floor impact noise in apartment buildings (5). In order to assess noise 
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sensitivity, NoiSeQ questionnaire was developed to identify noise resistant and noise sensitive 
individuals (6).   

The perception of acoustic stimuli is influenced by its emotional experience. In particular, acoustic 
stimuli might evoke sensations and emotional reactions which may also imply or affect quality 
judgments (7). The perceived emotions can be recorded in the orthogonal dimensions of arousal and 
valence using Self-Assessment-Manikin Scale (SAM). A number of studies used this approach to 
evaluate reactions to acoustic stimuli (8, 9) shifting the focus toward listeners and contextual 
characteristics instead of physical characteristics of the signal.   

The goal of the present study is to investigate the psycho-physiological responses to single and 
combined noise sources. It was hypothesized that psycho-physiological responses to noise might be 
different across types and combinations of noise sources. Floor impact noise transmitted from the 
upstairs neighbours was used as a major type of noise stimuli and airborne noise source from the side 
units was added to the floor impact noise. Laboratory experiments were conducted with 20 participants. 
Noise annoyance, arousal and valence were evaluated after each stimulus presentation, and four 
physiological measures (fEMG, EDA, heart rate and respiration rate) were monitored throughout the 
experiment.  

  
2. METHODOLOGY  

2.1     Participants   
Twenty adults (8 males and 12 females) with self-reported normal hearing took part in the experiment 

so far. The participants aged between 22 and 33 (mean= 27.8 and std= 2.7) and their nationality varies 
across eight different countries. Seven of them reported to be commonly annoyed by neighbour noises 
in their actual house. The self-reported noise sensitivity measured using NoiSeQ ranged from 28 up to 
70.   

2.2  Noise stimuli  
Five different noise sources were selected as representative of typical impact and airborne noises 

heard in residential buildings. Three of them are floor impact sources consisting of different footsteps: 
an adult walking at different paces (normal, 108 bpm and fast, 132 bpm) and a kid running. Others are 
airborne sources from neighbours: speech (conversation between two people) and piano music. Floor 
impact noises were recorded in the acoustics laboratory at Rosenheim University of Applied Science, 
where a lightweight timber joists floor is separating the vertically adjacent source and receiving rooms. 
The floor area of the receiving room was 21 m2 and its volume was 53 m3. Sound absorbing panels were 
installed in the receiving room so measured reverberation time of the receiving room was around 0.5 s. 
Sound recordings were carried out with four different configurations: 1) bare timber joists with 
chipboard on top; 2) bare timber joists and chipboard with sand floating floor installed; 3) bare timber 
joists and chipboard with suspended ceiling, and 4) bare timber joists with chipboard with suspended 
ceiling and floating floor. For each configuration, 5mm thick carpet on the floor was used as a floor 
finish and additional recording was also performed without floor covering. A female adult with a weight 
of 50 kg and a height of 1.65 m and a five years old child with a weight of 22 kg were chosen as general 
walkers. A-weighted maximum sound pressure levels (LAFmax) were measured using a microphone 
(GRAS, 40HL) when adult and kid walked or ran diagonally in the source room. The LAFmax of the adult 
walking ranged between 27 dB and 56 dB, while the kid running showed a smaller range from 33 dB to 
51 dB. As listed in Table 1, the ranges of noise stimuli in the present study correspond to the range of 
the recordings. Thus, the adult walking varied between 30 and 55 dB as an interval of 5 dB, while, the 
level of the kid running changed from 35 to 50 dB. The sound recordings representing each level were 
chosen as noise stimuli. For example, 50 dB of the adult walking (normal pace) was recorded from the 
bare timber joists with chipboard on top and carpet. The airborne noise sources were anechoic 
recordings. The spectral characteristics of the airborne noise sources were modified to simulate three 
lightweight partitions with good, medium and poor sound insulation performances (Rw=52, 43, and 33 
dB respectively). It was assumed that A-weighted equivalent sound pressure level (LAeq) of the speech 
and music 79 and 80 dB in the neighbour’s houses (10); thus, the ranges of the filtered sound stimuli 
were slightly different. Frequency characteristics of the noise stimuli are plotted in Figure 1. Most noise 
stimuli had dominant sound energies at low frequencies below 100 Hz. However, several sounds also 
showed strong sound energies at high frequencies. Those were recorded on floor structures with a 
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configuration not effective in reducing the transmission of noise in the high frequency range, such as 
with no floating floor or carpet.        

  
Table 1 – Sound pressure levels of noise stimuli; LAFmax for impact sources and LAeq for airborne sources  

Source   Levels [dB]  

Impact  Adult walking at normal speed  30 – 35 – 40 – 45 – 50 – 55   

 Adult walking at fast speed  30 – 35 – 40 – 45 – 50 – 55   

 Kid running  35 – 40 – 45 – 50   

Airborne  Speech  24 – 29 – 42   

 Music  25 – 29 – 44   

  
  

 
 Frequency [Hz] Frequency [Hz]    
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Figure 1 - Frequency characteristics of noise stimuli.   

  

2.3  Experimental design  
The experiment took place in an audiometric booth with low background noise level. Participants 

were sitting on a comfy chair and asked to answer questionnaire through VBA designed interface 
presented on a monitor. The stimuli were presented diotically through headphones (DT 770 Pro) and a 
subwoofer (SONAB System 9 CSW-71000) which was placed in front of the participants. Sounds above 
63 Hz were presented via the headphones, while low-frequency sounds below 63 Hz were presented via 
the subwoofer. White noise (NC 25) was presented through headphones throughout the experiment as 
an ambient noise in the living room.   

The experiment was composed of four sessions (three combined noise sessions and one single noise 
session). There were breaks between sessions to avoid excessive fatigue and loss of concentration. In 
the single noise session, each of the impact and airborne noise sources were presented for 15 minutes, 
while in the remaining sessions, the impact noise combined with airborne noise sources were presented 
for 21 minutes each. All noise sources and sessions were randomized across participants to avoid order 
effects. Each session consisted of the repetition of the following 40s sequence: 10s of baseline with a 
presentation of black screen; 20s of sound stimulus (single or combined noise sources) together with a 
picture of a living room on the screen; the final 10s for answering questions on the screen. Before the 
starting of the experiment participants were asked to answer the 35-items questionnaire NoiSeQ in order 
to assess their noise sensitivity. A training session was also designed as familiarizing phase with the 
noise stimuli and questionnaire form. During the experiments, participants were asked to imagine being 
relaxing in their own home. The study was ethically approved by the School of the Arts Committee on 
Research Ethics, University of Liverpool.  

2.4  Assessments of psycho-physiological responses   
After listening to each stimulus, the participants were asked to rate their annoyance on an 11-point 

scale (0 = ‘Not at all’ and 10 = ‘Extremely’). Furthermore, two Self-Assessment Manikin (SAM) 9point 
pictorial scales were used to assess arousal and valence. In the present study, four physiological measures 
were investigated: 1) facial electromyography (fEMG), 2) electro dermal activity (EDA), 3) hart rate 
(HR) and 4) respiration rate (RR). All the physiological responses were recorded on a computer using a 
MP 150 WSW digital acquisition system (BIOPAC systems) and were analysed using AcqKnowledge 
4.4 Software (BIOPAC systems).  

  
3. RESULTS AND DISCUSSION  

3.1  Psychological responses: annoyance  
Figure 2 shows mean annoyance ratings for the single floor impact noises and the combinations of 

floor impact noise and speech noise (airborne). Specifically, thick black lines indicate the annoyance 
ratings of the single noises, while grey lines represent those of the combined noise sources. It was 
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observed that the annoyance ratings increased as the increase of sound pressure level for three different 
impact sources (adults walking at normal and fast speed, a kid running). However, for the adults walking 
noises, the participants rated the stimuli at 45 dB less annoying than the stimuli at 40 dB. This is mainly 
because the stimuli at 40 dB had much stronger sound energies at high frequencies compared to other 
stimuli. It was also found that different sound insulation performances of the wall partitions significantly 
affected the annoyance ratings. For the highest sound insulation performance (Rw=52), the annoyance 
ratings of the combined noise sources were quite similar to those of the single noise sources without 
airborne noise source. On the other hand, other combined noise sources from the wall with Rw=43 and 
33 showed significantly higher annoyance ratings than the single noise sources. More specifically, the 
influence of the addition of airborne noise sources to the floor impact noises was different across the 
sound pressure levels of the floor impact noises. The annoyance ratings of the floor impact noises ranged 
between 30 and 45 dB were remarkably increased with the addition of the airborne noise sources with 
Rw=43 and 33. The effect of the adding airborne noises on the annoyance ratings became less above 45 
dB of the footsteps noise. For instance, for the impact sources at 55 dB, the annoyance ratings were 
already greater than 9 on an 11-point scale.  

 

 
  

Figure 2 - Annoyance ratings for single and combined noise sources  

3.2  Analysis of sound quality metrics  
As shown in Figure 2, the annoyance ratings of the stimuli at 45 dB were lower than those of the 

stimuli at 40 dB for both normal and fast paces. This indicates that the sound pressure level is not 
sufficient to fully explain the annoyance ratings. Therefore, sound quality (SQ) metrics were introduced 
to understand the relationships between SQ metrics and annoyance ratings. Loudness, sharpness, 
roughness and fluctuation strength were calculated using BK Connect (Brüel & Kjær). Loudness was 
calculated according to ISO 532-1, which describes the procedures for calculating the time-varying 
Loudness. During the calculation of roughness, sharpness, and fluctuation strength, the time interval 
between the spectra was set at 2ms.  

Multiple regression analysis was then conducted using a linear combination of SQ metrics to calculate 
the effects of SQ metrics on annoyance. It was found that the best combination of variables with respect 
to the correlation between the annoyance and SQ metrics was loudness and sharpness. The standardized 
partial regression coefficients of variables  and in equation (1) were 0.64 and 0.38 respectively, 
and these coefficients were statistically significant (p < 0.05 for  and ). Using these values, the 
obtained total coefficient (0.91) was significant (p<0.05). Coefficients  and  had positive values, 
therefore greater loudness and larger sharpness result in higher annoyance. As plotted in Figure 3, the 
annoyance ratings predicted by using equation 1 showed good agreements with the measured annoyance 
ratings. 
 

                              (Eq 1) 
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Figure 3 - Relationship between measured and predicted annoyance ratings for adults walking at normal 
and fast paces.  

  

4. CONCLUSIONS  
The present study measured the participants’ subjective responses (annoyance, arousal and valence) 

and physiological responses (fEMG, EDA, heart rate and respiration rate) to single and combined noise 
sources commonly heard in lightweight residential dwellings. It was found that the annoyance ratings of 
the single noise sources were different from those of the floor impact noises combined with an airborne 
source (i.e. speech). The annoyance ratings of the combined noise sources were influenced by the sound 
insulation performances of the wall and floor. Analysis of the sound quality metrics also showed that 
the annoyance ratings were dependent not only on loudness but also sharpness related to the frequency 
characteristics of the noise stimuli. The laboratory experiment is still on-going and additional 20 
participants will take part in this study. The results of the emotional dimensions (i.e. arousal and valence) 
will be presented together with the ongoing analysis of the physiological measurements at the 
conference.  
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ABSTRACT

rubber ball. In general, gypsum 

between slab and the suspended ceiling thus occurs. Three types of the suspended ceiling (perforated, sound 
absorben

3 to 4 dB 
impact sound insulation. It was also found that 

dominant frequency band of the reduction depended on the suspended ceiling types.

Keywords: Heavyweight floor impact sound, Suspended ceiling, Residential building

1. INTRODUCTION
In Korea uch as children's jumping and running sounds, which has dominant 

sound energy in the low frequency, has been perceived as most irritating noise in apartment building 
[1,2] and causes social problems such as murder and arson case. Several surveys [3,4] in European 
country also reported that the sound insulation in the lightweight as well as heavyweight building is 

due to fact that there are too many apartment buildings over 60 % of all housing types, which has 
relatively thin slab with 120–150mm thickness. Another reason is that people inside home do not wear 
shoes and cause easily footstep noise with their bare feet. Accordingly, Korean government forced to 
have legal minimum s

[5–12]. or with 
the resilient material resonates low-frequency sound below about 100 Hz especially for heavyweight 

oor impact sound in box-frame reinforced concrete structure [5,9]. In addition, the several studies 
[13–22] have been conducted for acoustical treatments on suspended ceiling panel with air gap under 
structural slab, which is usually used in Korea as well as the other countries. Previous studies 
[16,18,21] on the suspended ceiling found that air gap between slab and ceiling panel resonates low-
frequency sound below 150 Hz, which is due to air-spring effect. The degree of sound resonance in 
low-frequency ranges varied with air gap thickness [16,18]. It was also reported that the suspended 
ceilings have limitation on sound insulation because of the bending resonance frequency [13,14]. To 
control the amplification of floor impact sound that occurs when installing ceiling, this study proposed 

1shs206203@naver.com
2 jkryu@jnu.ac.kr
3 kiminho21@gmail.com
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three suspended ceiling types which are perforated ceiling, sound absorbent ceiling, and resonator 
ceiling. The present study analyzed the reduction performance of floor impact sound by the three 
suspended ceilings in comparison with general gypsum board through floor impact sound experiments
in test building using rubber ball.

2. PERFORATED CEILING

2.1 Methods
In the ceiling, the general and perforated gypsum boards both with and without the sound absorbent 

sheet (non-woven fabric, thickness: 1 mm) were suspended by timber hangers. The thickness of the 
air gap between the slab and the gypsum board was 70 mm and 200 mm in the center and side areas 
of the coffered part, respectively. The perforated gypsum board (thickness: 12.5 mm and mass per unit 
area: 8.7 ~ 9.7 kg/m2) consists of several holes of diameter 12 mm, and the percentage of perforated 
area was about 13 %. Suspended ceilings were installed below the structural slab. The perforated 
gypsum board with absorbent sheet attached under the gypsum board was constructed. The 
h for ceiling panel with perforated panel 
(absorbent sheet 1 mm + perforated gypsum board 12.5 mm). The measurement was also made for not
only ceiling with general gypsum board (thickness 12.5 mm) but also slab without the suspended 
ceiling, and results were compared one another. The floor impact sound measurements were conducted 
in a test building (structure: box-frame constructed with reinforced concrete, slab thickness: 120 mm, 
wall thickness: 150 mm, floor area: 3.5 × 5.8 m2, height: 2.6 m) for the cases of both with suspended 
ceiling. The measurements were based on the standardized methods [23,24], such as using a rubber 
ball for heavy-weight impact source. The impact source and the microphone was placed at the center 
position and four corners, totaling five positions. The microphones were located at a height of 1.2 m 
from the floor and at 0.75 m from wall. In the case of heavyweight floor impact sound, the maximum 
impact SPL (Li,Fmax), which is the maximum SPLs measured by the fast time constant, was measured.  
The single number quantity (SNQ) for impact sound insulation rating (rubber ball: L'i,Fmax,AW) was 
also calculated according to the procedure for evaluating SNQ in the standardized methods [25]. All 
the measurements were made for the conditions of no finishing material above the structural slab, and 
no finishing material over the walls and floors of the receiving room.

2.2 Results
Figure 1 (left) (Li,Fmax) in 1/1octave band and SNQ

(L'i,Fmax,AW) by rubber ball for gypsum board and sound absorbent ceiling. The 1/1 octave band analysis 
was used to calculate the SNQ and compare easily with results of specimen. As shown in Figure 1, floor 
impact sound by rubber ball exhibits a dominant low frequency component, and no significant difference 
in SPL was observed for 32 Hz and 63 Hz octave bands, but in the 125, 250, and 500 Hz band, Li,Fmax

Figure 1 – Floor impact sound pressure level (Li,Fmax) (left) and i pressure

level by installing the suspended ceiling (right) for perforated ceiling
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of perforated ceiling are lower than those of gypsum board. The SNQ of perforated ceiling by rubber 
ball is 3 dB lower than gypsum board. Figure 1 (right)
pressure level (Li,Fmax) by installing the suspended ceiling. Gypsum board ceiling showed the 
amplification of sound in 32 Hz, 63 Hz, and 250 Hz octave band in comparison with case without
ceiling. These amplification were reduced in the case of perforated ceiling. Perforated ceiling
exhibited the maximum reduction of 5 dB in the 250 Hz band compared with the gypsum board ceiling.

3. SOUND ABSORBENT CEILING

3.1 Methods
also carried out in a test building for sound 

adsorbent ceiling panel (absorbent gypsum board 15 mm with mass per unit area of 10 kg/m2 + 25 
mm glass wool with 24 kg/m3). The NRC (Noise Reduction Coefficient) of the absorbent gypsum 
board is 0.21. The measurement was also made for not only ceiling with general gypsum board 
(thickness 9.5 mm) but also slab without the suspended ceiling, and results were compared one another.
Figure 2 shows installation of the sound adsorbent ceiling panel in the test building. Sound absorbent 
ceiling panel were respectively suspended using steel hanger, carrying channel and T-bar with 60 mm 
air gap between structural slab and ceiling. The test building is a box type RC structure with 180 mm 
thick concrete slabs, 150 mm thick concrete walls (three sides), and a window (one side). Additionally, 
a room of the test building has an area of 24.9 m2 (4.7 m × 5.3 m) and a height of 2.7 m. Heavyweight 
floor impact sound measurements were conducted using a rubber ball. There were five impact and 
sound receiving points including the center position. Microphones were positioned at the center and 
four corners at height of 1.2 m above floor. The 1/1 octave band analysis and calculation of a SNQ
(L'i,Fmax,AW) were conducted according to KS F 2863-2 [25]

Figure 2 – Structure of sound absorbent ceiling (absorbent gypsum board and glass wool)

Figure 3 – Floor impact sound pressure level (Li,Fmax) (left) and i

level by installing the suspended ceiling (right) for sound absorbent ceiling
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3.2 Results
Figure 3 (Li,Fmax) in 1/1octave band and SNQ (L'i,Fmax,AW)

for gypsum board and sound absorbent ceiling. As shown in Figure 3 (left), Li,Fmax of sound absorbent 
ceiling was significantly lower in the octave band over 32 Hz than those of gypsum board. The SNQ 
of sound absorbent ceiling was thus 4 dB lower than gypsum board. Figure 3 (right) shows the 

Li,Fmax) by installing the sound absorbent ceiling.
As shown in Figure 3 (right), it is clearly observed that gypsum board ceiling resonated the sound in 
63 Hz band. This resonance was diminished by sound absorbent ceiling, but there was still a resonance 
in 63 Hz band.

4. RESONATOR CEILING

4.1 Methods
additionally carried out in a test building for

resonator ceiling with resonant panel absorber (hole 50 mm + hole interval 450 mm + air gap 50 mm
with 50 mm glass wool). The measurement was also made for not only ceiling with general gypsum 
board (thickness 9.5 mm) but also slab without the suspended ceiling, and results were compared one 
another. Figure 4 shows installation of the suspended ceiling with resonant panel absorber in the test 
building. Resonant panel absorber was suspended using steel hanger, carrying channel and M-bar with 
110 mm air gap between structural slab and ceiling. Resonant panel absorber was connected to M-bar, 
which is arrayed at every 30 cm using screw. The measurement method is same as section 3.1.

Figure 4 – Structure of the suspended ceiling with resonant panel absorber

Figure 5 – Floor impact sound pressure level (Li,Fmax) (left) and i

level by installing the suspended ceiling (right) for resonant panel absorber ceiling.
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4.2 Results
Figure 5 impact sound pressure level (Li,Fmax) in 1/1octave band and SNQ (L'i,Fmax,AW)

for gypsum board and resonant panel absorber ceiling. Li,Fmax of ceiling with resonant panel absorber 
is slightly higher than gypsum board in the 63 Hz band, but in the 125 and 250 Hz band Li,Fmax of 
ceiling with resonant panel absorber are lower than those of gypsum board. The SNQ of ceiling on 
resonant panel absorber is 4 dB lower than gypsum board. As shown in Figure 5, reduced impact 
Li,Fmax by resonant panel absorber is most large 6 dB in the 125 Hz band. This result is due to the fact 
that large absorption coefficient coe – 125 Hz 
band and the ceiling with resonant panel abso Figure
5 (right) Li,Fmax) by installing the 
suspended ceiling. As shown in Figure 5, it is observed that resonator absorber resonated the sound 
in 63 Hz band. In the case of gypsum board, sound below 125 Hz octave band was resonated. The 
resonator ceiling showed a 6 dB reduction in the 125 Hz band compared with the regular ceiling.

5. CONCLUSIONS
type (perforated, sound absorbent, and 

resonator ceiling)
building using rubber ball. It was found that the three types of suspended ceiling enhance heavyweight
floor impact sound insulation in comparison with normal gypsum board ceiling. The three suspended 

3 to 4 dB in SNQ (L'i,Fmax,AW) impact 
sound insulation. In addition, the improvement in heavyweight floor impact sound insulation by three
suspended ceilings was found in octave bans over 63 Hz. Especially, perforated and sound absorbent 
ceiling slightly reduced the sound resonance, which was found for gypsum board ceiling. Further 
research to increase the improvement in heavyweight floor impact sound insulation in 63 Hz octave 
band is needed in the future.
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ABSTRACT 
Although most of the German population is exposed to multiple noise sources, noise legislation in Germany 
is subdivided in regulations for each noise source. In order to improve the quality of life there is a lack of a 
total noise assessment. The German Federal Environmental Agency therefor initiated the research 
project ”Model for total noise assessment”. As a part of this project the method of the German VDI standard 
3722-2 on the assessment of the impact of noise from multiple sources was further developed. With the help 
of exposure - response relationships for individual source types a total noise assessment for road traffic, 
railway, aircraft and industrial noise is possible. For this purpose the exposure-response relationships of the 
new WHO Environmental Noise Guidelines are used. The possibility of considering health effects and 
combining annoyance ratings and other health effects are discussed. In a second step of this project noise 
mitigation in case of multiple noise sources are investigated. Different methods for the cost distribution were 
examined regarding their advantages and disadvantages in the application. The proposed method of cost 
distribution was finally tested in case studies using the further development of the VDI standard. 
 
Keywords: Total Noise, Exposure-response relationship, financing model, health effects 

1. INTRODUCTION 
The German population is exposed to a multitude of noise sources; as a general rule, the persons affected are 
simultaneously impacted by multiple noise sources. For comprehensive protection from noise immission, the 
implementing regulations subordinated to the German Immissions Protection Law (Bundes-
Immissionsschutzgesetz, 1) lack a mandatory total noise assessment. At the same time, persons affected by 
noise currently do not have a claim to noise mitigation measures, if the noise is caused by already existing 
traffic routes. 
In pursuit of an approach towards a legal regulation of a total noise appraisal, the present publication deals 
with the issues outlined below. Four work packages are handled by an interdisciplinary project team. Each 
of the work packages has a special focus, which is handled by the relevant specialists.  
The work was split into the following work packages (WP): 

• WP 1: Further development of a concept for total noise assessment based on the German 
standard VDI 3722-2 with the inclusion of health aspects  

• WP 2: Proposal for a financing model for noise mitigation measures in connection with a 
total noise assessment and legal implementation  

• WP 3: Enhancement of the Musterstadt “(Sample City)" data set contained in the standard 
DIN 45687  

• WP 4: Testing of the developed model for total noise assessment  
In this presentation the results of work packages 1, 2 und 4 are presented. 

2. Further development of total noise assessment based on VDI 3722-2 
VDI 3722-2 (9) "Effects of traffic noise - Characteristic quantities in case of impact of multiple 

sources" (VDI 3722 Part 2:2013-05) proposes methods enabling the estimation of total noise 
annoyance with the help of exposure – response relationships for individual source types (currently: 
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air, rail and road traffic). The same method is described for estimation of total noise sleep disturbance. 
These tools can be used for the acoustic assessment of planning alternatives (VDI 3722-2, 1. Scope).  

VDI 3722-2 contains a number of regulatory gaps and provides scope for further development, 
which is covered in WP 1. Five aspects are addressed: 

2.1. Application of levels outside the value range  
The exposure-response curves used for the determination of effects apply to a defined noise level 

range for individual source types. This applies to functions describing the percentage of annoyed 
persons (%A), highly annoyed persons (%HA), sleep-disturbed persons (%SD) and highly sleep- 
disturbed persons (%HSD). The question of how to handle situations, in which individual source types 
contributing to the total noise exposure are situated outside this value range, remains open. For levels 
above the value range of the exposure – response curves, a linear extension beyond a calculated 100% 
annoyance level is proposed, given that information regarding the progression of the curve or the 
turning point from exponential functions towards sigmoid curves is not available and linear 
continuation appears to be the simplest assumption with the minimum of uncertainty in this situation. 
A linear extension of the Lr,N level range between 0 dB and 40 dB is recommended for levels below 
the value range with reported sleep disturbance, in accordance with the approach proposed by Probst 
& Gillé (4). Concerning exposure-response curves relating to the proportion of (highly) annoyed 
persons, it is recommended for the source-type related rating levels LDEN < 37 dB (for %A) and LDEN 
< 42 dB (for %HA) that the renormalized substitute level be set to 37 dB (for %A) and 42 dB (for %HA), 
and the corresponding %A/HA portion to 0%. The substitute levels thus defined are considered 
appropriately in the calculation of the effect-related substitution level LAES. 

2.2. Selection of annoyance curves with a view to situation-dependent advantages and 

disadvantages of % A curves compared to % HA curves  
It is suggested that no binding regulation should be established, which exposure- response curves 

(%A/HA, %SD/HSD) has to be used. This decision should be made depending on the concrete planning 
cases. Rather it is recommended that substitution levels be applied on the basis of all variants of 
exposure-response curves contained in VDI 3722-2 (currently: %A, %HA, %SD, %HSD). Thus 
different rankings of measures may result, depending on the objective pursued and the effect 
considered. However, new exposure-response curves are available for noise annoyance and reported 
sleep disturbance that relate exclusively to %HA and %HSD. Hence, the effective quantities %A 
and %SD can be eliminated completely, if these new curves were to be included in the VDI standard.  

2.3. Investigation and assessment of potential interaction between daytime and nighttime 

effects for different source type combinations.   
On the assumption that adequate, physiological quality of sleep is the major target for the night 

period, it is suggested that maximum level criteria and physiological awakening criteria related to 
these maximum level criteria should be included in VDI 3722-2, rather than restricting oneself to the 
night-time continuous noise level alone. However, this presupposes the availability of exposure-
response curves for additional, noise-induced awakenings from field studies for all noise type sources 
included, and for a variety of further population groups (such as children, persons with sleep-relevant 
diseases). The total noise assessment in this case will not be made on the basis of (high) sleep-
disturbed persons or annoyed persons, but rather on the basis of the number of additional (total) noise-
induced awakenings. In addition, the night-time continuous noise level should be maintained, so as to 
be able to show night-time effects going beyond physiological awakenings. 

Furthermore, it is suggested that characteristic quantities both on the effect and on the exposure 
side should be selected according to the envisaged effective times of the proposed noise abatement 
measures. Measures aimed at 24 hour protection throughout the day, or effective over 24 hours, may 
be assessed in terms of the total noise effects with a substitution method with the inclusion of Lr,TAN 
and, e.g., noise annoyance as effective quantity (%A, %HA), even if the different noise type sources 
used in the calculations are effective at different times of the day. On the other hand, measures aimed 
at night-time protection (such as operational restrictions limited to certain times of the day) will be 
evaluated with exposure-response curves for sleep disturbance (%SD, %HSD). 
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2.4. Further development of VDI 3722-2 with a view to the inclusion of industrial and 

commercial noise.  
Our recommendation for the further development of VDI 3722-2 is, that in the absence of novel 

findings, the exposure-response curves proposed by Miedema & Vos (3) for the %HA related to the 
noise emitted by year-round industrial facilities (other industries) should be used.  

As for the consideration of noise generated by wind turbines in the VDI 3722-2 the exposure-
response curve for %HA (interior) from Janssen & Vos (2) may be used, if only noise annoyance is 
considered. In the case of the calculation of a total-noise effect index, the use of %HA and %HSD 
functions for road traffic noise is recommended as alternative, as in the case of industrial and 
commercial noise. 

2.5. Evaluation of VDI 3722-2 under considerations of health protection and suggestions 

for improvement. 
Up to now, the VDI 3722-2 considers methods for the estimation of noise annoyance and sleep 

disturbance. No further health effects are taken into account. Meanwhile a number of studies are 
available that investigated the evidence of health risks caused by noise immissions. These noise 
induced health risks mostly under investigation are cardiovascular diseases. In order to include these 
effects into the method of VDI 3722-2 the use of exposure-response relationships based on the WHO-
Review regarding noise induced health risks for cardiovascular diseases (van Kempen et al., 7,8) are 
proposed. 

To take into consideration further health aspects and to be able to show all effects (annoyance, 
sleep disturbance, different diseases) considered in an index, a procedure based on the concept of the 
DALY-index (Tobollik, M., Plaß, D., Steckling, N. et al., 6) is suggested. The DALY-index (disability 
adjusted life years) represents the total amount of lost life years caused by environmental impact and 
is calculated by summing up different (noise related) health effects weighted with an effect related 
disability weight. The disability weight DW ranges from 0 (full healthy) to 1 (death). 

For planning purposes the following approach is suggested: 
• Calculation of effect-related substitution levels Lr,TAN for %HA and Lr,N for %HSD with the 

help of the latest, most recent exposure-response curves. 
• Calculation of the number of highly annoyed persons in the area under review using the 

function for road traffic noise, and of the number of highly sleep-disturbed persons in the 
area under review using the function for road traffic noise, in each case multiplied with the 
number of inhabitants. 

• Calculation of the number of persons additionally suffering from total-noise induced 
disease (population-attributable risk, PAR) for selected major diseases. The calculation 
should be based on up-to-date, robust relative risk estimates for total noise related to LDEN 
and information on the prevalence of the respective disease in the area being surveyed. 
Alternatively, the calculation can be based on information on prevalence from official 
statistics (regional, state-wide or national health reports). 

• Multiplication of the number of (highly) annoyed, sleep-disturbed and additional disease- 
affected persons with their respective disability weight (DW). Rounding of the weighted 
values to the neared whole number of cases. 

• If several diseases are considered, select the one with the highest DW weighted PAR. 
• Summation to obtain an overall index: Addition of weighted (rounded) numbers of cases 

of annoyance, sleep disturbance and (selected) diseases to obtain an overall index of the 
number of cases of impairment due to total noise. 

• Inclusion of input data pertaining to age, life expectancy, duration of disability from 
official statistics: Calculation of disability-free life years lost (disability-adjusted life years, 
DALYs). 

3. Financing model for noise abatement measures 
To ensure sustainable and effective protection of the population against noise, a reduction of the 

total noise level should be aimed for. Despite technical advances regarding the implementation of 
noise mitigation measures at source, noise mitigation at the propagation path (such as noise protection 
walls and acoustic barriers) must still play a key role in planning when it comes to reducing the noise 

5155



 

 

load. The latter will be effective for more than a single source, meaning that the costs need to be 
distributed to the polluters according to a consistent distribution model. Until now, such procedures 
and regulations for sharing the costs for noise abatement measures between different polluters have 
not been provided for.  

The distribution of cost to one or more originators of the total noise load must be achieved 
transparently and without discrimination. Otherwise acceptance by the parties involved in the 
planning process and affected persons cannot be expected. In particular, the following aspects must 
be considered, which are essential for the distribution of costs: 

• Observation of polluter-pays principle (fairness of cost): Costs should be attributed to that 
traffic authority benefiting from the measure in terms of their obligation to reduce the noise 
level. 

• Commutativity (interchangeability): Cost distribution should not be affected by the order 
in which the measures are implemented. 

• Independence from a given effective date: Costs should not be dependent upon an arbitrary 
effective date. 

• Area independence: The exact selection of the boundaries of a designated area selected for 
implementation of noise abatement measures should not influence the distribution of cost. 

The present investigation presents existing approaches towards cost distribution and submits 
further proposals. From the above, four financing models based on different approaches were 
identified and presented. These different models are: 

 
• Financing model "Contribution to existing noise": Cost is distributed on the basis of the 

energetic contribution of a noise source towards the total noise load prior to the 
implementation of the noise abatement measure (energetic percentage contribution of a 
noise source towards overall noise). 

(1) 

 
• Financing model "Contribution to noise level reduction": Cost is distributed on the basis 

of the ratio between the reduction of the noise from a given source and the reduction of 
total noise from all sources. 
 

 
(2) 
 

 
• Financing model "Weighted contribution to noise level reduction": As in the case of the 

preceding model, cost is distributed on the basis of the ratio between reduction of noise 
from a given source and the reduction of noise from all sources; however, the contribution 
of a given source is weighted with its contribution towards total noise load, whereby while 
sources that do not contribute to total noise will not take a share of the cost. 
 

 

 for L  10 

    for L > 10 
 
where  g:   Weighting  
 Lprior: Difference between the assessment level of the total noise 

(3) 
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load and the assessment level of the traffic noise source 
under consideration prior to the implementation of the 
measures 

 
 

• Financing model "Contribution to energetic load reduction": Cost is distributed on the 
basis of the ratio between the reduction of an effect-related load index for a given source 
and the reduction of this index related to overall noise. 
 

 
(4) 

 

 

where: LAES,i: Effect-related substitution level to VDI 3722-2 for %HA at calculation 
point i 

 Ni:  Number of affected persons at calculation point i 
 
On the basis of methodological considerations and calculation examples, the four models are 

compared using the criteria for a financing model listed above. The results of the comparison are 
shown in the following table. 

 

Table 1: Comparison of the different financing models 

Financing model / 

Criteria  

"Contribution to 

existing noise" 

"Contribution to 

noise level 

reduction" 

"Weighted 

contribution to noise 

level reduction" 

"Contribution to 

energetic load 

reduction" 

Fairness of cost  No, within the 

meaning of noise 

reduction 

No Yes Yes 

Commutativity No, except when 

initial situation is 

chosen equal for 

all noise 

mitigation 

measures 

Yes No, except when 

initial situation is 

chosen equal for all 

noise mitigation 

measures 

Limited decrease of 

commutativity when 

initial situation is 

chosen equal for all 

noise mitigation 

measures 

Independence from 

an effective date 

No, as timing of 

initial situation 

influences cost 

distribution 

Yes Limited, as timing of 

initial situation 

influences cost 

distribution 

Limited 

Area independence  No Yes Yes Yes 

 
As good practice, the financing model "Contribution to energetic load reduction" was chosen, 

based on the renormalized substitute levels and effect-related substitution levels to VDI 3722-2 
for %HA as characteristic quantity for load.  
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A possible further development of this approach may consist in the inclusion of the summary effect 
indicator (Population-attributable risk PAR) shown before instead of the characteristic quantity %HA. 
The respective calculation formula for the financing model would be as follows: 

 
(5) 

with  
PARj: Population-attributable risk from source j; with prior = prior to the implementation 

of a measure, and subsequent = subsequent to the implementation of a measure 
PAR: Population-attributable risk from total noise; where prior: prior to the 

implementation of a measure and subsequent = subsequent to the implementation of 
a measure 
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Figure 4 – (a) Indoor dBA noise level - (b) Indoor low-frequency @25 Hz level (re dB 20 µPa) 
In Fig. 4-b, the 25 Hz sound level has strong dependence on the acoustic energy radiated from the 

house’s walls, meaning a structural vibration induced by the groundborne mechanical energy from 
buried pipeline; when the plant is OFF, the 25 Hz sound level freely oscillates, showing a big variance 
among maximum and minimum because of vehicle pass-by vibrations. 

5. HOW TO ESTIMATE THE SPECIFIC SOUND LEVEL USING DISCRETE 
MATHEMATICS 

The author have been presented a mathematical reasoning (5) in order to simply exclude the 
unwanted sound from the total sound file by means of discrete mathematics. 

5.1 A new idea of “basal noise” applied to environmental noise measurement 
 It is common to find the “basal noise” concept in medical jargon, but it is possible to use it in 

environmental noise measurements. According to Cambridge on-line dictionary, basal shall be 
understand as “forming the bottom layer of something”. 

For years the statistical LA90 (or LA95) level has been used as a notion of background noise, or more 
recently, representative of the residual sound value, true only when the emitter is off, and the issue is 
how to estimate the specific sound which is in the total sound, so a priori, it seems impossible to do it. 

Actually, the specific sound level and others noise levels are part of the total sound, so the noise 
from other sources not interested are “mounted” onto the specific sound, because they overlap; then it 
is possible to do an empirical statement: Beneath a statistical value, all sound levels are part of the 
specific sound and other noises impossible to identify, such as faraway noise sources and natural ones 
(birds, pets, weather, etc.). 

The environmental basal noise concept appears to be useful for the empirical model presented in 
this Paper, it means that the specific sound should be appraised by a statistical value, for instance, all 
the sound levels below these reference percentile level belong to environmental basal noise (where the 
specific sound is included), on the contrary they will be consider as outliers. 

5.2 The ISO series 1996: Measurement and assessment of environmental noise 
For years, acousticians have pondered how to eliminate unwanted sound, which is the sound which 

doesn’t belong to the noise source of interest. Some of the most common practices have been: 
a. To conduct measurements on holidays, because of low levels of urban noise. 
b. To turn on/off sound sources, though this is impossible to do on industrial sites or with 

machines under mandatory continuous work orders. 
The ISO 1996 3rd Edition was established with a group of informative instructions, one of which 

has been resolved by the author previously (6, 7): “Record the time history of the noise to be measured 
and use statistical or other methods to exclude unwanted sound.” (4). 

5.3 Expanding the scope of ISO sound designation to a Venn diagram 
ISO 1996-1 (4) presents an important concept to understand the acoustics complexity of the total 

sound, in the sense of showing its intrinsic components, but the easy way to find out one possible 
solution is transforming the ISO sound designation into a manageable mathematical algorithm; the 
first immediate inferences of their categorical proposition is making a conversion to a Venn diagram, 
Fig. 5 shows the assumed obversion. 
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Figure 5 – Changing the point of view: ISO concept to the Venn diagram 
This categorical logic permits a more convenient way of assessing the specific sound of ISO 

categorical propositions by drawing Venn diagrams, the idea showed in Fig. 5 is fairly straightforward, 
and the particular affirmative proposition asserts that the total sound is a member of all classes. 
Mathematical thinking of the total sound simplified like a set collection, allowing it to be considered 
through a possible computer program, with low complexity by discrete mathematics. Equation 1 shows 
the total sound as an intersection subset, and it is the results of overlapping the others: 

Total sound = Residual sound Specific sound A Specific sound B Specific sound C (1) 
Using Eq. 1, one can estimate the specific sound as follow: 
Specific sound C = {Total sound} – {Residual sound  Specific sound A  Specific sound B} (2) 

Eq. 2 shows the specific sound under consideration is the total sound when the others are excluded, 
it means that the specific sound should be appraised by a statistical level (such as LA90), for instance, 
all the sound levels below these reference percentile belong to environmental basal noise, on the 
contrary they will be consider as outlier. 

5.4 The “unwanted sound” as outlier sound events which need to be extracted 
 Fig. 6 shows the LA time-history sound level each 125 ms like dots, instead of "seeing" it as a 

continuous line, the 60-minute interval between 6 pm and 7 pm, with a working plant. The noise 
emissions from the industrial facility under consideration are steady, so one can assume that the 
environmental basal noise (including the specific sound) is beneath a statistical value noise level. 

Figure 6 – Normal distribution of total sound: From 2 pm to 3 pm. Plant on duty 
In order to explain the inferences, Fig. 6 shows the normal distribution curve of the measurement 

but rotated, because in this way it’s easy to see its positive skweness. It can be observed that there is a 
concentration of sound levels below LA90 (36.6 dBA), that should be appraised like the specific sound, 
so for statistical reasons if it is possible to remove the outliers sound levels, then one may considerer 
the LA90 value as a threshold of unwanted sound in order to exclude those spikes which don’t belong to 
the specific sound under consideration. 

In Fig. 6, it is easy to see the environmental basal noise idea: The normal distribution curve doesn’t 
have values below 30 dBA, it is not truncated, and this is because it is the minimum sound level 
measured by SLM; this is the concept of environmental basal noise, so beneath the statistical LA90
value there are high probability to estimate the specific sound level under consideration. 

5163



5.5 Inference: Estimating the specific sound using a statistical percentile level 
 A practical way of appraising the possible sound pressure level of Fig. 6 measurement is to 
assume that the LA90 or LA95 have should been the “specific sound level,” it means to use a single 
statistical value as the equivalent estimator. 

Table 2 – Appraising the specific sound level considering one statistical value (re dB 20 µPa) 

Total sound level 

measured LAeq,T

Appraised #1 specific 

sound level LA90,T

Appraised #2 specific 

sound level LA95,T

LAeq,T 45.2 36.6 35.5 

LCeq,T 59.7 unknown unknown 

LZeq,T 63.6 unknown unknown 

The issue is, which one of those two statistical values should be chosen as representative of the 
specific sound? Moreover, how should one know the low-frequency level or the infrasound level under 
this assumption? It is impossible to know them because it doesn’t have the complete data of the whole 
specific sound time-history, but just one single “representative” value? 

6. EMPIRICAL METHOD TO DETECT AND REMOVE THE OUTLIERS 
This section is a brief explanation of the empiric method applied to develop the functions and 

procedures which were programmed into VBA computer language included in Excel®, because it is 
easy to use its large library for mathematic and statistical function, no further programming needed. 

It is necessary to note that the Empirical method is applied to sound pressure levels data in csv
format resulting to the measurement, not to sound wave. 

6.1 Excluding the unwanted sound by means of outliers concept 
The simplest procedure to exclude the unwanted sound, it is not consider those sound events which 

do not belong to the specific sound, removing them -statistically speaking- as if they were outliers. 
There are a number of methods and algorithms to remove the outliers (8, 9, 10), for the particular 

procedure presented here, generating and separating a vector with the specific sound noise from the 
vector containing the total sound data, it will have to consider one threshold value (such as the 
statistical value LA90) from which all the noise levels that exceed it shall be considered “outliers.” The 
resulting vector contains the time-history of the specific sound, and it will be a “smooth signal.” 

Other authors (in the field of physics or other sciences) use similar procedure (9, 10), but instead of 
deeming it “outlier removal,” they often use other synonymous terms such as “spikes removal,” 
“removal of spurious,” etc. 

6.2 Inference: Estimating the specific sound using a statistical percentile level 
A particular macro was written to obtain the equivalent-continuous sound pressure level (using the 

spreadsheet with the data measurement) in dBA, dBC and dBZ; the "Percentile" function included in 
Excel® was used to calculate the percentiles noise level. The Tab. 3 shows the final results: 

Table 3 – Total sound level: From 2 pm to 3 pm. Plant on duty (re dB 20 µPa) 

LAeq,T LA90,T LA95,T LCeq,T LZeq,T

45.2 36.6 35.5 59.7 63.6

The LA90 is the appraised value to be considered as an Estimator; in this case, using it as a threshold 
value from which each individual LA125ms level exceed it, the LA125ms will be removed from the file. 

6.3 Resolving the mathematic empirical model by modular programming 
The author presents in (6, 7) a similar set of procedures, in this Paper an updated version is 

presented. A new concept about modular programming has been incorporated, because a matrix 
structure is more flexible for Set Theory, which is the empirical idea to write automatic software for 
removing the outliers. 

The SLM generate a data row, each 125 ms, so the resulting array represents a set containing 47 
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elements (TS[i;j] matrix) with the following format A=[Time stamp; LZ; LC; LA; L10Hz… L20kHz], 
meaning there are 28,800 rows of 60-minutes’ measurement. Accordingly, the element A(i;4) will 
always be the LA value, because all the elements in row i column 4 are the LA sound level of 125 ms 
measurement each. 
6.3.1 Module A: Excluding the unwanted sound. Outlier’s detection 

This Module calculates the LA90 that it will be the threshold value. The simplest procedure to 
exclude the unwanted sound is to remove the spikes and not consider those sound events which do not 
belong to the specific sound. A decision structure asks whether each TS[i;4] value is greater than the 
threshold: 

- If TS[i;4] LA > LA90 threshold value: the program discard the actual row and goes to next one, it 
seeks the TS[i+1;4] asking again the same conditional. 

- If TS[i;4] LA LA90 threshold value: the program copies its whole row into a SS[i;j] matrix, it 
seeks the TS[i+1;4] asking again the same conditional. 

When the conditional doesn’t find no more data in TS[i;4], the program activates Module B. So the 
only “filtering” used here is to exclude the outlier’s spikes (11) which exceed the LA90 threshold 
value: There is no frequency filtering; therefore, what is being “filtered” is the LA outliers contained in 
the total sound matrix file. 
6.3.2 Module B: Building the specific sound time-history. ILFN tones identification 

The building-processing algorithm uses the SS[i;j] matrix, which contains all LA125ms values. The 
processing is performed consecutively in all 34 frequency one-third-octave bands between 10 and 20 
kHz, this Module calculates the equivalent-continuous sound pressure level in dBA, dBC and dBZ; the 
"Percentile" function included in Excel® was used to calculate the statistical noise level. Tab. 4 shows 
the final specific sound results using the SS[i;j] matrix. 

Table 4 – Specific sound level: From 2 pm to 3 pm. Plant on duty (re dB 20 µPa) 

LAeq,T LA90,T LA95,T LCeq,T LZeq,T

35.3 32.6 31.5 54.4 60.6 

Fig. 7-a shows the resulting specific sound time-history “built”, it is a smooth line because all 
outliers and spikes belonging to the unwanted sound were removed. 

Figure 7 – (a) Specific sound time-history - (b) Spectrum comparison (re dB 20 µPa) 
Fig. 7-b shows a comparison between the specific sound spectrum vs. total sound spectrum of the 

same measurement with plant on duty from 2 pm to 3 pm, where it can be seen how, after application 
of the empiric method to remove the outliers, two tonal sounds appear in low-frequency band (after 
running the outlier-removal program), those they were masked by urban noise; so, the real specific 
sound level in the low-frequencies band displays relevance, and the distinct tones contained in the 
spectrum can be found distinctively. 

7. STRUCTURAL VIBRATION DUE TO GROUNDBORNE ILFN IMMISSION 
In order to validate the empirical method as a tool to demonstrate the ILFN immission from the 

buried pipeline (that produce structural vibration), this empirical method was applied to the matrix 
containing the total sound measurement between 2 pm and 3 pm when the plant was out of service (off 
duty). Fig. 8 show two graphics: (a) it displays the time-history of the residual sound level, after 
applying the empirical method to total sound file presented in Fig. 8. (b) It displays a comparison 
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between the specific sound spectrum with plant on duty (it registered on day #1) vs. residual sound
spectrum with plant off duty (it registered on day #2). 

Figure 7 – Spectrum comparison on different hours. Plant on duty vs. off duty (re dB 20 µPa) 

8. CONCLUSIONS 
If an inexperienced person, or acoustician without proper training, would give the total sound level 

measured by the SLM like valid, the Report would be wrong because this value should not be informed 
like if were the noise level from the noise source under consideration. An even worse situation would 
be if one compares the total sound value in dBA against legal limits. 

After using the empirical method, the assessment of LFN radiated from the house’s walls is more 
clear because of the structural vibration, and it was reported to the Authorities that: (a) the mechanical 
energy from underground pipeline that propagates through the soil is responsible for this phenomena. 
(b) Even the sound levels are below to legal noise limits, because of the low level of environmental 
noise, the LFN is possible to produce psychological disturbance but not physical diseases. (c) There is 
not airborne sound propagation from the plant to the house at 250 m distance. (d) It should be 
necessary to install some specific valves to control the affluent flows, in order to reduce their velocity. 

This algorithm has been used efficaciously for more than seven years; so the purpose of this Paper 
is to share to the acoustician community that it is possible to achieve a standardized method in the 
sense that an algorithm could be agreed upon among specialists for having an “universal” computer 
program to determine the specific sound contained in the total sound. 
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ABSTRACT 
The present paper describes a new approach developed within the BEEP project (Big data for Environmental 
and occupational EPidemiology) aimed to improve road traffic noise mapping in epidemiological studies. 
The BEEP project, funded by the National Institute for Insurance against Accidents at Work (INAIL), aims at 
using big data for the evaluation of negative health effects due to air and noise pollution on the Italian 
population and the risk of occupational injuries in sub-populations of workers. 
Noise maps provide noise emissions that are usually calculated by traffic flows measured or derived by a 
model. The evaluation of traffic flows can determine significant uncertainty in noise estimate: accurate traffic 
data can significantly improve the meaningfulness of noise models. 
In this paper, a new method based on Google API and Big Data treatment was developed to estimate traffic 
flow and to produce noise maps of Rome agglomeration.  
Correlation between travel time and traffic flow considering road characteristics was found by street 
clustering. Noise maps when obtained will be compared to those produced by conventional means to 
investigate if the use of big data could improve traffic estimates, in particular during the night period, which 
is well known to be strongly related to health issues. 
 
Keywords: noise mapping, big data, health effects 

1. INTRODUCTION 
The BEEP project, funded by the National Institute for Insurance against Accidents at Work 

(INAIL), aims at using big data for the evaluation of negative health effects due to air and noise 
pollution on the Italian population and the risk of occupational injuries in sub-populations of workers. 

Noise maps provide noise exposure levels that are usually calculated by traffic flows measured or 
derived by a model.  

The evaluation of traffic flows can determine significant uncertainty in noise estimate: accurate 
traffic data can significantly improve the meaningfulness of noise models. 

The main objective of this paper was the development of a new approach within the BEEP project 
(Big data for Environmental and occupational EPidemiology) aimed to improve road traffic noise 
mapping in epidemiological studies. 

In particular, a new method based on Google API and Big Data treatment was performed to acquire 
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travel time information and to estimate traffic volumes using travel time functions and to produce 
noise maps of Rome agglomeration. 

2. BIG DATA TREATMENT AND ACQUISITION OF COLLABORATIVE TRAFFIC 
DATA 

2.1 Use of Big Data to improve noise mapping  
As well known, correct traffic flow estimation contributes significantly to the final accuracy of a 

noise map (1,2).  
Traffic models are often available only for rush hour and several approximations are made to 

provide the input parameters required for noise mapping, as average traffic flows, average speed and 
vehicles categories for reference periods. 

In addition, in order to improve the noise level assessment in cities, another very important aspect 
is the street classification (3), required for the choice of in situ measurement points needed for the 
calibration of the used noise level model. 

This point becomes critical in an agglomeration like Rome, the subject of this study, which presents 
tens of thousands of road links and in which several small roads were not considered in the traffic 
model. 

To deal with these problems, the BEEP project wants to improve results of noise mapping with the 
help of reliable big data information on traffic flow as data from social media (4). 

2.2 Acquisition of collaborative traffic data 
In this study, road link travel times were acquired by means of a API developed by Google. During 

the experimental survey, described in a later section, the travel time acquisitions were made 
simultaneously with in situ noise measurements and traffic flow counts.  

The travel times were later used to estimate traffic volumes through appropriate link delay 
functions.   

Recently also other studies (5) have used collaborative traffic data for road noise mapping with a 
different final treatment.  

3. TRAVEL TIME FUNCTIONS 

3.1 Link congestion functions 
In order to convert the extracted duration in traffic times in traffic volumes, the most commonly 

used volume-delay functions were considered.  
In these models the travel time t (or the speed u) on a road link is expressed as a function of traffic 

volumes (6, 7, 8, 9, 10).  
The main four models available in literature are summarised in Table 1. 
The BPR (Bureau of Public Roads) function shows a simple mathematical form that has allowed its 

wide use and application. But, it is important to remark that this model is particularly suitable for links 
not subject to congestion conditions and does not take into account road characteristics as signalized 
links.  

The Akcelik function is suitable for modelling traffic conditions characterized by delays due to 
intersections and signals. 
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Table 1 – Main volume delay functions 

Model Equation References 

BPR 𝑢 = ( ) ; 𝑡 = 𝑡 ∗ 1 + 𝛼 ∗ ( )  (6, 7, 8) 

Davidson 𝑡 = 𝑡 ∗ 1 + 𝐽 𝑥1 − 𝑥  (9, 10) 

Akcelik 𝑡 = 𝑡 ∗ 1 + 0.25𝑟 (𝑥 − 1) + (𝑥 − 1) + 8𝐽 𝑥𝑟  (6,10) 

Conical 𝑢 = 𝑢2 + 𝛽 (1 − 𝑥) + 𝛼 − 𝛽(1 − 𝑥) − 𝛼  (6) 

Legend 
u0 = speed at free flow; t0 = travel time at free flow; q = flow rate; Q = capacity; q’ = flow rate on 
the opposite direction of link; x = q/Q = degree of saturation; α, β, γ, JD = calibration parameters.    

 

4.  ROAD-LINK CLUSTERING AND EXPERIMENTAL PLAN 

4.1 Study area description and initial road-link clustering 
 
An experimental survey was designed within a study area located in the city of Rome and covering 

an area of 144 Km2. Figure 1 shows the road links inside the study area. 
 

 

 
Figure 1 - Road links inside the study area 

The road links were appropriately divided into homogeneous groups defined on the basis of the 
daily traffic trend. In particular, a link clustering process was carried out considering the percentage 
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trends with respect to the total daily traffic flow provided by traffic model for 7 periods as summarized 
in Table 2. 

This analysis led to the definition of three clusters, named C1, C2 and C3 containing respectively 
3665, 1194 and 6581 links. Figure 2 shows the result of the clustering process.  

 

 
Figure 2 - Result of the clustering process 

 

 

 

Table 2 – Periods 

Periods Time range 

1 
2 
3 
4 
5 
6 
7 

12-7 a.m. 

7-9 a.m. 

9 a.m.-12 p.m. 

12-2 p.m. 

2-4 p.m. 

4-8 p.m. 

8 p.m.-12 a.m. 
 

4.2 Experimental Plan 
 

An experimental plan was designed to simultaneously collect in situ noise and traffic data and 
travel times by Google API. 

The experimental survey combined noise and traffic volumes (light, heavy and motorcycles) 
measurements in 42 road links during day, evening and night periods. The 42 measure points were 
selected on the basis of the clustering process.  

In particular, road links of the three identified clusters and with different geometric characteristics 
(one-lane, two-lanes and three-lane roads in each traffic direction) were chosen. 

At each measure point, four 30-min measurements were performed during two periods: 6-8 a.m. 
and 20-23 p.m. 
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5. First analysis of results 
This section contains the first interesting analysis of the results in terms of the comparison of the 

data extracted by Google API with the traffic data collected in situ. 

5.1 Critical issues 
Before proceeding with the estimate of the traffic volumes by the travel times of Google API, it is 

necessary to highlight a series of possible critical issues occurred from the preliminary analysis and 
reported in the following points: 

- for 18 roads out of 42, the travel times taken are characterized by constant or too little variable 
values in the examined periods; 

- in some cases the travel time values appear to be too high in relation to the reduced number of 
counted vehicles; 

- in one case the extracted travel time is lower than that corresponding to the free flow condition. 
 
The road links mainly affected by these problems were those with one-lane and characterized by 

low flow rate. For the roads affected by these issues, it was not possible in this first phase of analysis 
to obtain estimates of traffic volumes.  

5.2 Comparison between estimated and counted traffic flows 
The best results have been obtained in the case of two-lane roads in each direction characterized by 

flows exceeding 200 PCE (Passenger Car Equivalent) per hour. The following figure 3 seems to show 
a good correlation between travel time per unit distance extracted by Google API and in situ counted 
traffic volumes (expressed as PCE per hour).  

 

 
Figure 3 – Acquired travel times vs PCE per hour 

 
 

In the analysis carried out, since the investigated road links did not present traffic light systems and 
were not affected by congestion conditions, we used the model BPR to estimate the traffic volumes. 
The figure 4 shows the comparison between counted traffic flows and estimated traffic flows using the 
acquired travel time by Google API for two lanes roads in each direction.  
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Figure 4 - Comparison between estimated and counted traffic flows 

 
In the case of two lanes roads in each direction, for flow rates greater than 200 PCE per hour but 

less than capacity, the results seem to be very interesting.   

6. CONCLUSIONS 
In this study, a new method based on Google API and Big Data treatment was performed to acquire 

travel time information and to estimate traffic volumes using travel time functions and to produce 
noise maps of Rome agglomeration. 

For this purpose, an experimental plan was designed to simultaneously collect in situ noise and 
traffic data and travel times of Google API. 

The first analysis showed a series of possible critical issues mainly for the road links with one-lane 
and characterized by low flow rate. 

Otherwise, encouraging results have been obtained in the case of two-lane roads in each direction 
characterized by flows exceeding 200 PCE (Passenger Car Equivalent) per hour but not affected by 
congestion conditions. Under these conditions, it was possible to estimate traffic volumes using the 
extracted travel times. 

In the next analysis, noise maps when obtained will be compared to those produced by conventional 
means to investigate if the use of big data could improve traffic estimates, in particular during the night 
period, which is well known to be strongly related to health issues. 

Big Data can be a great help to improve the accuracy of the noise maps, but future research is 
needed to define well conditions and their field of application. 
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ABSTRACT 

Recently sound field control techniques have been applied to vehicles that generate different sound zones in 

the inner space with loudspeaker arrays. A typical example in a car is to provide a driver and a passenger with 

different sound such as voice-guided navigation, music, or telephone voice. Acoustic contrast has been 

widely used as a performance index in sound field control that shows the difference between sound levels in 

the acoustically bright zone and the dark zone. However, these sound levels are usually measured with 

microphone arrays that are placed in the sound zones without the listeners. Thus these values can be different 

from what the listeners would have at their ears. This study compares the acoustic contrasts derived using 

microphone arrays with those using dummy head microphones at several positions and those using binaural 

microphones mounted in several subjects’ ears. From this comparison, this study attempts to propose a 

simple and effective evaluation method of the independent sound zones.  

 

Keywords: Sound field control, Independent sound zones, Acoustic contrast 

1. INTRODUCTION 

Sound zone control has been studied for recent decades that generates multiple independent 

listening zones with multiple loudspeakers. This technique focuses sound in a designated zone, and at 

the same time minimizes sound energy in other zones. The zone where sound energy is focused is 

called acoustically bright zone, and the zone where sound energy is minimized is called acoustically 

dark zone [1]. This control requires multiple loudspeakers, and thus car cabins are good places for the 

sound zone control because loudspeakers can be easily mounted on the headrest and on the surface of 

the car cabins. In addition, there is a desire for the driver and the passengers to have different audio 

contents. There have been a few studies that attempt the sound zone control in a car cabin [2-5]. In 

these studies, acoustic contrast has been used as a performance measure. This measure is defined as 

the ratio between acoustic potential energy in the bright zone and the dark zone [1].  

However, this measure depends on the measurement setup such as the number and the positions 

of microphones. In fact different measurement setups were used in previous studies, and thus the 

contrast values in these studies cannot be directly compared. Moreover, these measurement setups did 

not take the effect of scattering by the users’ head and torso into consideration, which has been 

known to be critical in the sound zone control at high frequencies [6] . Due to this effect, contrast that 

listeners would have at their ear positions could be significantly different from those values. The 

present study aims at investigating this difference. The ultimate objective of this project is to come 

up with an evaluation method that allows to compare the performances of sound zone control 

systems, and to provide a practical value for the acoustic contrast. 

In the literature, Cheer and Elliott obtained 15-25 dB of acoustic contrast between the front seats 

and the rear seats. This contrast was measured with a linear array of 4 microphones for each seat [2,3]. 

Liao et. al. reported that 15 dB contrast was achieved, which was measured with a planar array of 15 

microphones for each seat [4]. Choi showed that 30-40 dB or 20-30 dB of contrast was obtained 

depending on the setup of the bright and the dark zones below 1 kHz with  16 loudspeakers. A planar 

array of 30 microphones was used for each seat to measure the contrast [5]. However, there have been 

no studies to attempt to evaluate the acoustic contrast in a unified way to the best of the authors’ 

knowledge. As a relevant measurement standard, ISO 5128 states measurement of noise inside a car, 

but this method is not appropriate for evaluating sound zone control systems as it uses only one 

microphone for each seat without considering the effect of the scattering  [7].  
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The present study compares three measurement setups. The first one is to measure sound pressure 

with a planar array of microphones. Most of previous studies employed a planar array, and thus this can 

be considered a conventional method. The second one is to measure sound pressure with the dummy 

head microphones at several positions. The third one is to measure at ear positions of several subjects 

with in-ear binaural microphones. The details of the measurement setup are shown in Section 2. 

Section 3 shows the measurement results, and Sections 4 and 5 discuss the results and conclude the 

study, respectively. 

2. PROBLEM STATEMENT 

2.1 Experimental setup: optimization filters and bright/dark zones 

The experiments have been conducted in a smart sound laboratory at KAIST in South Korea. A 

midsize sedan (Hyundai Genesis EQ900) was used as shown in Fig. 1. In total 18 loudspeakers were 

installed in the car cabin including headrest loudspeakers. The driver seat was defined as the 

acoustically bright zone, and the rear right seat was defined as the dark zone.  

 

Figure 1. Measurement with a planar array of microphones in a car cabin (by courtesy of Jung-Woo Choi) 

 

Transfer functions between the loudspeaker input and the sound pressure at a planar array of 

microphones were obtained. The planar array is composed of 30 microphones (6 by 5). This array 

was placed in front of the headrest at the ear height in the driver seat (the bright zone) and the rear 

right seat (the dark zone). Figure 1 shows the measurement setup. If the sound pressure at the m-th 

microphone in the bright zone is denoted as   , ;
m

b plP r   where  
,

m

b plr  is the position of the 

microphone and ω is the angular frequency, the transfer function between the l-th loudspeaker and 

the m-th microphone in the bright zone can be denoted as     , ;
l m

b plH r  . Then   , ;
m

b plP r   and 

    , ;
l m

b plH r   have the relation: 

 
           

18

, ,

1

; ;
m l m l

b pl b pl

l

P r H r q  


 ,  (1) 

where    l
q   is the filter for the l-th loudspeaker. For simplicity, ω is omitted in what follows. 

This equation can be expressed in a matrix form: 

 , ,b pl b pl P H q .  (2) 

In the same way, the pressure in the dark zone is expressed as 

 , ,d pl d pl P H q .  (3) 

Three optimization filter sets were obtained by the acoustic contrast control  and provided by the 

smart sound laboratory at KAIST. Since the pure acoustic contrast maximization tends not to be 

robust, a regularization method with brightness constraints were applied [8]. This constraint prevents 

the acoustic brightness from decreasing below a certain threshold compared with the maximum 

brightness. In this work, the threshold values was set to be -1, -3, and -12 dB, respectively, and these 

filters are denoted as 
1q , 

3q , and 
12q . Three filter sets were used to investigate the effect of the 

optimization filter on the results. A filter with the lower threshold tends to provide the larger 
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acoustic contrast, but it can be more sensitive to the effect of the scattering and experimental noise.  

2.2 Measurement of acoustic contrast 

To measure the acoustic contrast, white noise was filtered by the optimization filter sets, and sent 

to loudspeakers. Sound pressure levels were measured at microphones, and averaged in time domain. 

Then, these values were also spatially averaged.  

2.2.1 Measurement with a planar array of microphones 
The planar array that was used to obtain the transfer functions was employed again to obtain the 

acoustic contrast. Thus, the acoustic contrast values should be equal to what were predicted in the 

optimization. The microphone spacing was 4 cm. The acoustic contrast is obtained as 

 

2

,

2

,

b pl

pl

d pl

P

P
  ,  (4) 

where 
2

,b plP  and 
2

,d plP  are the spatially averaged sound pressure 

 
  

2

2

, ,

1

1 M
m

b pl b pl

m

P P r
M 

  , 
  

2

2

, ,

1

1 M
m

d pl d pl

m

P P r
M 

  . (5) 

2.2.2 Measurement with dummy head microphones 
Measurement with binaural microphones for many listeners might be the ideal way of evaluating 

the sound zoning system. However, this method is not feasible in practice as it takes too much time and 

effort. The measurement with dummy head microphones can be an alternative method because it 

reflects the effect of scattering by the head and torso of a listener.  

In this experiment, a dummy head microphone set (B&K HATS type 4128) was employed. The 

measurement was conducted at 12 positions in the bright zone, and 6 positions in the dark zone. In the 

bright zone, 12 positions are combination of front/center, high/low, and leaning 1/2/3. For front/center 

positions, the seat itself was moved by the automatic positioning. The center position is stored in the 

system, so that the seat can be placed in that position by pressing a button. The front position was 5 cm 

in front of the center position. For high/low and leaning 1/2/3, a zig that can fix the dummy head in a 

designated position was designed and constructed. In the low position, the ears of the dummy head is 

located about 2 cm lower than the headrest loudspeakers. The high position is 5 cm higher than the low 

one. The leaning 1 is defined as the position that the dummy head is contacted to the headrest. The 

inclination angle from the vertical axis was approximately 20 degrees. Leaning 2 and 3 are more 

upright, and the inclination angle was 18 degrees and 13.5 degrees, respectively. Figure 2 shows the 

leaning 1/2/3. During the measurement, another dummy head microphones were placed in the dark 

zone, but the signals measured with this microphones were not used in this study.  

In the dark zone, sound pressure was measured at 6 positions of the dummy head microphones: 

high/low and leaning 1/2/3. The inclination angles were 25, 22.5, and 20 degrees, respectively. During 

the measurement, another dummy head was placed in the bright zone.  

The sound pressure in the bright zone is denoted as   ,

m

b dhP r , and that in the dark zone is   ,

m

d dhP r . 

The number of the measurement is 24 in the bright zone (12 positions x left/right ear), and 12 in the 

dark zone (6 positions x left/right ears). The odd indices indicate the left ear signals, and the even 

indices are the right ear signals.  

The acoustic contrast with the dummy head microphones is expressed as  

 

  

  

224

2 ,
, 1

22 12
,

,

1

1

24

1

12

m

b dh
b dh m

dh

md dh

d dh

m

P r
P

P
P r

 



 




.  (6) 

2.2.3 Measurement with binaural microphones  
In order to obtain the sound pressure at ear positions of users, in-ear binaural microphones (B&K 

type 4101-B) were worn on the ears of 13 subjects. The subjects were asked to sit still during the 

measurements. They had two postures: standard posture and free posture. In the standard posture, the 

seat position was fixed, and they were asked to sit up straight and grab the handle. In the free posture, 

they were asked to choose the seat position and have comfortable postures for them. The ages of the  
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Figure 2. Positioning of the dummy head microphone (leaning 1/2/3) 

 

subjects vary from 30 to 40. All subjects were male. The distance from the seat and the ears varies from 

64.8 cm to 72.1 cm. 

The sound pressure in the standard posture is denoted as   ,

m

s b biP r , and that in the free posture is 

  ,

m

f b biP r . For each posture, the number of the measurement points is 26 (13 subjects x left/right 

ears). The odd index corresponds to the left ear, and the even index to the right ear.  For the dark zone, 

the sound pressure values measured with the dummy head microphones were used to obtain the 

acoustic contrast:  
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3. Experimental results 

3.1 Measured values of acoustic contrast  

Figure 3 shows the acoustic contrast measured by the planar array, dummy head microphones, 

and binaural microphones (
pl , 

dh , and 
bi ) with three filter sets, 

1q  (top), 
3q  (middle), and 

12q (bottom). In the top figure, all the contrast values are not as high as those with 
3q  and 

12q . The 

maximum value is lower than 30 dB, and most values are lower than 20 dB.  

In the middle figure, mostly the acoustic contrast with the planar array is greater than those with 

other microphones. Especially, from 400 Hz to 1 kHz and above 10 kHz, the difference was larger, 

having a value of more than 20 dB at some frequencies. This shows that the acoustic contrast the 

listeners perceive can be significantly different from what is measured with a planar array. The bottom 

figure shows similar tendency to the middle figure except that the acoustic contrast with the planar 

array increases around 2 kHz. However those with the dummy head microphones and the binaural 

microphones do not have a big difference.  

 

3.2 Sound levels in the bright zone  

Since the acoustic contrast is the ratio between the sound levels in the bright and the dark zones, 

it does not show what happens in each zone. In order to observe more details, sound levels in the 

bright and the dark zone need to be investigated separately. In this section, sound levels in the bright 

zone are shown. Sound field in the dark zone is considered to be relatively robust to the scattering 

and the experimental noise because the sound level is low. Moreover, the same spatially averaged 

sound level measured with the dummy head microphones in the dark zone was used to obtain both 

dh  and 
bi .  
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Figure 3. Acoustic contrast measured by the planar array, dummy head microphones, and binaural 

microphones with three filter sets (top: threshold 1 dB, middle: 3 dB, bottom: 12 dB). 

 

3.2.1 Overall level 
Figure 4 shows the overall level from 100 Hz to 10 kHz with the dummy head microphones at 

each position. Positions 1 to 6 are high positions in the height, and 7 to 12 are low positions. 

Positions 1, 2, 7, and 8 are leaning 1, positions 3, 4, 9, and 10 are leaning 2, and positions 5, 6, 11, 

and 12 are leaning 3. Odd numbers are center positions, and even numbers are front positions. 

Leaning 1 leads to the highest value. This can be due to either the distance between the ears and the 

headrest loudspeakers or the area measured by the planar array.  

Although the contrast values with 
3q  and 

12q  do not have a big difference (Fig. 2), the sound 

levels in the bright zone have a considerable difference. Sound levels with 
3q  are greater than those 

with 
12q  at all positions.  

Figure 5 shows the overall level from 100 Hz to 10 kHz with binaural microphones for all subjects. 

The level difference across the subjects is smaller than 3 dB with 
1q  and 

3q , whilst that with 
12q  is 

relatively large. The maximum difference is approximately 5 dB (between subject 3 and 6).  

 

3.2.2 Levels in one third octave bands 
Figure 6 (top) shows the sound levels in 1/3 octave bands with the dummy head microphones. It 

is clearly seen that the higher threshold leads to the lower levels in the bright zone. In addition, the 

higher threshold leads to the larger standard deviation as shown in Fig. 5 (bottom). This means that 

the sound field generated by the higher threshold is more sensitive to the scattering and the 

experimental noise.  

The similar tendency can be observed in Fig. 6, which shows the sound levels and the standard 

deviations in 1/3 octave bands with the binaural microphones. The sound level with 
12q  has the 

lowest values and the largest standard deviation. At 300 Hz, the standard deviation has a large value 

in both Figs. 6 and 7. The wavelength at 300 Hz is about 1.1 m, so this can be due to the effect of the 

head and the torso.  

 

5178



 

 

 

Figure 4. Overall level (100 Hz to 10 kHz) measured with the dummy head microphones in the bright zone 

 

Figure 5. Overall level (100 Hz to 10 kHz) measured with the binaural microphones in the bright zone 

 

In contrast, there are some differences between these figures. At 6300 Hz, the standard deviation 

has the largest value only in Fig. 7. This difference can be attributed to individual differences of 

head and torso that the dummy head microphones does not have. From 1 kHz to 4 kHz, the sound 

level in Fig.6 (top) has a fluctuation along the frequency, whilst that in Fig. 7 (top) has a relatively 

smooth curve. This might be related to the difference in the absorption of sound on the skin and the 

cloth of the subjects.  

4. DISCUSSIONS 

4.1 Estimation of ‘listener acoustic contrast’ 

One of the ultimate goals of this work is to propose an evaluation method of the independent sound 

zone system that provides the similar results to the measurement with binaural microphones by using 

measurements with dummy head microphones. For example, the averaged squared sound pressure with 

binaural microphones 
2

,b biP  could be expressed with the squared sound pressure with dummy head 

microphones 
  

2

,

m

b dhP r . 

5179



 

 

 

Figure 6. Sound levels (bottom) and standard deviation (bottom) in 1/3 octave bands with the dummy head 

microphones 

 

 

Figure 7. Sound levels (bottom) and standard deviation (bottom) in 1/3 octave bands with the binaural 

microphones 

 

  

 
    

2
2

, ,

1

M
m m

b bi b dh

m

P P r


  ,  (8) 

where 
 m

  is the weight. To make this weight non-negative, non-negative least squares method can 

be applied [9]. 
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4.2 Factors affecting the acoustic contrast  

The sound pressure was measured at 12 positions with the dummy head microphones. Among the 

position changes, the inclination angle of the head and the torso was the most critical factor that 

affects the acoustic contrast. As shown in Fig. 3, the shorter is the distance between the ears and the 

headrest, the larger is the contrast value. On the contrary, the height of the ears and the position of 

the seat itself were not as critical as the inclination angle.  

5. CONCLUSIONS 

This study compares acoustic contrast values measured in different ways. The first method was to 

measure with a planar array of microphone, and take average of the sound pressure values. The 

second method was to measure with a dummy head microphone, and the other one was to measure 

with binaural microphones for several subjects.  

Results show that the acoustic contrast with a planar array is considerably different from those 

with the other microphones. This implies that the acoustic contrast with a planar array is not enough 

to reflect the performance of the system. The acoustic contrast that listeners perceive can be 

significantly different.  

Another finding is that the distance between the ears and the headrest is more critical than the 

other factors. Thus, in the measurement of the acoustic contrast, the inclination angle should be 

considered.  

In addition, the noticeable differences between measurements with the binaural microphones and 

the dummy head microphones was found such as the fluctuation with the dummy head microphones 

from 1 kHz to 4 kHz and the high standard deviation with the binaural microphones at 6300 Hz. The 

reasons for these differences should be further investigated.  
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ABSTRACT 
Computer game technology was used for rapid prototyping of a sound based interface encouraging truck 
drivers to drive energy efficiently. The design process was inspired by user-centred agile methods. Interior 
sounds were made interactive by actively controlling them based on speed, engine speed, torque and 
acceleration. User feedback was collected at an early stage through contextual enquiry sessions during 
simulated driving. Based on the feedback the sounds were adjusted and effects on driver behaviour were 
measured in a simulator experiment. The effects on driver behaviour were small and not statistically 
significant (p>.05). However, assessments of preference and informativeness showed statistically significant 
differences between the design concepts (p<.05). The qualitative part of the study showed that the use of 
game technology for enabling assessment of interactive sounds in early design phases was useful and allowed 
for getting users into the loop early on. The framework was found to be suitable for designing interactive 
sounds, and the data collected provides insight into driver responses to using active noise control as a means 
for providing information to the driver. 
 
Keywords: auditory display, active noise control, user-centred design 

1. INTRODUCTION 
New in-vehicle information systems and advanced driver assistance systems are currently being 

introduced in vehicles in order to help driving safely and energy efficiently. These systems help the 
driver to pay attention to critical events (e.g. collision warnings and blind spot information systems) 
or deliver important information (e.g. speed limits and navigation instructions). Safety and 
environmental impact are most of all dependent on the behaviour and attitude of the driver (1, 2). 
Even though it might be difficult to change drivers’ attitudes, it is likely that drivers will be more 
motivated to change their behaviour if they are provided with the information necessary to understand 
the vehicle and adapt to the conditions. Within the SEEED (Sounds for Enhancing Energy Efficient 
Driving) project active noise control was studied as a means of providing information useful for 
understanding how the vehicle is driven with regards to energy efficiency. By using the natural 
combustion engine sounds as a base and by modifying them using active noise control techniques 
continuous feedback could be provided without preventing the driver from keeping the gaze on the 
road. Sounds were designed using user-centred agile methods and were assessed in a simulator 
experiment. 

                                                        
1 arne.nykanen@ltu.se 
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1.1 Advanced Driver Assistance Systems 
The literature on design of multisensory user interfaces in cars is extensive, typically involving 

graphics, sounds and haptics, and there are guidelines for how to design such interfaces (3). Much of 
this research is implemented and utilised by the automotive industry. Although the guidelines are 
scientifically well-founded they leave many decisions open to the designer. Extensive research in 
energy efficient driving also exists. For example, it is well known that energy consumption is highly 
dependent on driving behaviour, and hence also on the skills and attitudes of the driver. It has been 
shown that eco-driving can reduce fuel consumption by 10%, on average and over time (4). Research 
on driver assistance systems encouraging eco-driving has shown an 8% average decrease in fuel 
consumption for light commercial vehicle fleets (5). Research on gamified driver assistance systems 
has shown potential to change people’s attitudes and behaviour and can be a powerful means to 
promote green driving (6). Steinberger et al. (7) made an extensive literature review on game design 
and discussed how games could make safe driving more fun, engaging and less boring without 
distracting the driver. However, most concepts are based purely on visual communication with the 
driver. User interfaces based mainly on sound may facilitate safer interaction, allowing an increase in 
the introduction of continuous feedback to the driver. In a previous study, Nykänen et al. (8) explored 
the use of music and computer game sounds for helping drivers to increase eco-driving skills and 
lower fuel consumption. The aim was to design interactive sounds that facilitated continuous feedback. 
The effects on driver behaviour were not significant. The results were unexpected, as qualitative data 
suggested that the drivers intuitively understood and often appreciated the cues given. A possible 
explanation could be that subjects focused on the graphical information during the relatively short lab 
experiment. Preference assessments showed that drivers preferred driving without the audio based 
driver assistance systems. To conclude, the study showed that it is possible to design feedback sounds 
that can provide information to the driver continuously, but that it is a delicate task to design the 
sounds in such a way that they are accepted by the driver. Therefore, the aim of this study was to 
design new concepts based on experiences from previous studies, collect more data on driver 
preferences and behaviour, and finally study the function in a simulator experiment. 

1.2 Auditory Displays 
Vehicle manufacturers possess extensive knowledge in the field of human-machine interaction, and 

focus on designing user interfaces with safety and usability in mind. Much research has been 
conducted on the use of sound signals in user interfaces in cars (3), and vehicle manufacturers are 
making more and more use of sounds, typically in combination with graphics. Audio-only interfaces 
have great potential for becoming safe and usable for systems integrated in the vehicle, as they ensure 
that the driver’s gaze can be kept on the road. Previous studies of audio based user interfaces have 
made use of beeps (9) or speech (10, 11, 12), and occasionally on manipulation of media content (8, 
13). We have not found other studies making use of active noise control to provide information about 
the state of the vehicle through manipulated engine/powertrain sounds. 

1.3 What Can Be Learned from Game Sound Design? 
When active noise control technology is introduced in vehicles, the sound design task moves from 

traditionally trying to control and reduce noise to designing sounds as part of the feedback during 
operation of the vehicle. This design task resembles the design of sounds for computer games. 
Therefore, it is interesting to review how sound design is handled in computer game development. 
Design processes for game sounds vary widely among companies and developers. Collins (14) gives 
an overview of how game sound design is typically organised: 

Pre-production mainly consists of planning. An audio design document is created. In the pre-
production stage, the audio team generally only has storyboards, concept art, crude game play and 
character sketches to start from. One way to get started is to create a temp track, putting pre-existing 
music and sounds temporarily in place of the final composition, defining basic parameters from which 
the composer can work (14). This early sketch allows for listening early in the design process, 
something that has been shown to be crucial for development of design ideas (15). Another important 
part of pre-production is spotting, i.e. identifying objects, actions, environments, etc., that need sounds 
(14). At this stage, sketchy sounds aid creativity and communication within the development team. 

In the production stage a playable prototype of the game may exist. If spotting was not done in 
the pre-production stage, it can now be made from the playable prototype. If a playable prototype does 
not yet exist, composers may create a series of scratch tracks (14). Scratch tracks are sketches, 
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allowing for sharing and developing design ideas. This typically involves alteration in real time in the 
game engine. Game audio tools allow prototyping the integrations of audio in game simulations before 
the game is finished, and are powerful tools for sketching game audio during the design process. 

Post-production implies that the production phase of visual edits, design changes, technical 
pipelines and game play have been locked down and finalised (16). Sound is mixed to adjust the 
interplay of all audio components. Experiencing the game play in the right context is essential for the 
post-production mixer (16). 

1.4 User-Centred Agile Methods 
Design of user interfaces is a multidisciplinary task, requiring deep knowledge in psychophysics 

(or in this particular case, psychoacoustics) and psychology, as well as methods and procedures for 
design and product development. Knowledge from psychoacoustics and psychology aids the 
development process, and enables early decisions on potentially successful design routes, avoiding 
known pitfalls. Examples are the choice of modality, choice of frequency content of the sounds to 
avoid masking, spatial positioning of sound sources to help the driver to keep attention on the road, 
awareness of the risk of cognitively overloading the driver with a too complex task, etc. However, the 
design options are still vast, and knowledge is built along the path of the project. A good final design 
is crucially dependent on how this knowledge is built and taken care of. One approach to handle this 
throughout the product development process is user-centred agile methods (8, 17, 18). The core idea 
is to organise the work into short iterations (sprints), listening to the evolving product frequently and 
repeatedly throughout the design process, and get users into the loop early on. Agile software 
development methods like Scrum (19) and XP (20) do not, in their standard forms, deal with usability 
issues. However, the way of working with repeated short iterations is well suited for interaction design. 
There have been a number of recommendations on how user experience and usability should be taken 
into account in the agile development process. Brown, Lindgaard & Biddle (21) studied how a small 
team consisting of a game designer, a learning specialist and a software developer interacted. They 
found that artefacts like sketches, lists and spoken stories were central in development meetings. They 
also concluded that using different kinds of artefacts in combination were more powerful than using 
only one kind. Beyer (17), and Deuff & Cosquer (18) suggest methodological frameworks for 
integration of user-centred design strategies into agile product development. The methodology used 
in this paper is developed from Beyer’s framework. 

2. METHOD 
A user-centred agile method (17, 18) was applied, based on rapid and numerous iterations, and 

supported by the use of a large number of sound sketches (15). The process was inspired by Scrum 
(19), and major elements from the Scrum framework were used, for example: the division of work 
into time-boxed sprints (outlined in Figure 1); User Stories, Product Backlog and Sprint backlogs; 
prioritisation of backlog items; and the general aim for always delivering a working result from a 
sprint. In Design Sprint 2 qualitative studies were performed based on Contextual Inquiry Interviews 
(22) made during simulated driving. This approach was used to increase the chances of success in 
identifying a design that significantly affects driver behaviour. Finally, in Design Sprint 3, the design 
was evaluated in a simulator study where driver behaviour was measured. 

 
Figure 1 – A schematic view of the design and research process. 

Start-up / Release planning

Sprint 1 – Conceptual 
design and design 
workshop

Sprint 3 – Scenario design 
for simulator study. 
Simulator study.
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Developer feedback.
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2.1 The Case and the Design Team 
Scania Commercial Vehicles appointed the project team to design prototypes for an audio only user 

interface based on active noise control that would inform the driver about fuel consumption, energy 
efficient behaviour and deviations from an energy efficient speed. The prototypes were not addressed 
to a specific truck model but were intended to be concepts for possible use in future models. The 
design team consisted of three of the authors. 

2.2 The Driving Simulation and the Sound Design Tools 
To facilitate a rapid, iterative, and agile design approach, a prototyping environment was created 

based on a computer game engine. The game engine was used for creating a driving simulation 
controlled by a gaming steering wheel and pedals, and a game audio middleware was used for 
controlling sounds. This allowed the designers to test drive their designs in the studio, to invite 
participants to Contextual Inquiry Interviews, and to measure the performance of the final designs 
during simulated driving. 

The driving simulation was implemented in Unreal Engine 4, based on the Advanced Vehicle 
template provided by Epic Games/Unreal Engine. A driving scenario consisting of a road resembling 
a rural road without other traffic was designed. The surroundings were designed as softly shaped 
mountains and hills in order to give a clear visual impression of moving around in a landscape, but 
were kept sketchy in order to communicate that the simulation was supposed to be considered as a 
sketch. To communicate the seriousness of the experiment and to give a realistic feeling of speed, the 
road and side barriers of the road were detailed with a high level of realism. A plain graphical 
representation of speed and gear was added. A screenshot from the simulation and a photo of the studio 
environment where the driving took place can be seen in Figure 2. 

 

  
Figure 2 – A screenshot from the simulator and a photo of the studio where the driving took place. 

The vehicle dynamics were adjusted to resemble truck driving, and an automatic gear box with 7 
gears was used. Adjustment of the vehicle dynamics was made with professional truck drivers giving 
their opinions of the realism of the simulation. The truck sounds for the simulation were designed 
using conventional computer game technology. Engine sounds were recorded in the cabin during 
dynamometer measurements at different engine speeds and loads, tyre sounds and wind sounds were 
recorded in the cabin at different speeds during coast down with engine shut off. The sound files were 
pitch shifted and crossfaded based on speed and torque using functionality in the game audio 
middleware FMOD. By altering the mix and adding filters and tone components, engine sounds with 
different character were designed. 

2.3 The Sound Design and Research Process 
The design and research process outlined in Figure 1 was inspired by Scrum (19) and XP (20). A 

Scania representative acted as the product owner (Scrum terminology), and a number of user stories 
were defined at the start-up meeting. The project consisted of two sprints (Scrum terminology), and 
user studies were made through Contextual Inquiry Interviews (22) in the second sprint. All 
participating designers were asked to write diaries, and protocols were written from all designer 
meetings. 

2.4 Start-up and Release Planning 
In the start-up/release planning meeting a number of user stories were determined. In agile methods, 

user stories are typically one sentence descriptions of what a user wants to do with the product, written 
on the form: “As [kind of user] I would like [a feature] so that I can [reach a goal]”. The following 
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user stories were defined in the start-up/release planning phase: 

(i) As a driver I would like to hear how high the torque is. 
(ii) As a driver I would like to hear the engine speed. 
(iii) As a driver I would like to hear how fast I am driving. 
(iv) As a driver I would like to hear if the speed is increasing or decreasing, or if I am driving 

at a stable speed. 

2.5 Design Sprint 1 – Conceptual Design 
The delivery from Design Sprint 1 was a prototype sound implemented in the driving simulator 

mimicking a real contemporary truck. The objective was to allow the designers to use this as a baseline 
for the design of interactive sounds that can, in the future, be implemented using technology for active 
noise control. In addition to this baseline sound, a number of sketchy concepts were designed. The 
sounds were used to support discussions with developers at a truck manufacturer. The sprint ended 
with designers and development engineers test driving the prototype sounds in the simulator, giving 
feedback and suggestions for further development. It was assumed that being able to interact with the 
sound interface in a fairly realistic setting is essential for making the right design decisions. 

2.6 Design Spring 2 – Contextual Inquiry Interviews 
The planned outputs from Design Sprint 2 were prototypes refined based on comments from 

designers and development engineers in Design Sprint 1. Nine concepts were developed and assessed 
in Contextual Inquiry interviews with four drivers in the driving simulator. The participants were test 
engineers at a truck manufacturer, who drive professionally for vehicle testing. 

2.7 Design Sprint 3 – Experiment Based on Simulated Driving 
The baseline concept and two other concepts were selected from Sprint 2 and adjusted according 

to comments from the Contextual Inquiry Interviews. A driving scenario suitable for a lab experiment 
was designed. It consisted of a road resembling a rural road without other traffic. No speed limits 
were indicated, but it was assumed that drivers would consider 80 km/h to be a suitable speed, as this 
is the maximum speed limit for trucks in Sweden. The participants were asked to drive as they would 
have done if they were driving a real truck. 

Eighteen subjects participated, 4 female and 14 male, mean age 38 years (SD 10 years), all with a 
valid driving license for trucks. On average they had had the truck driving license for 12 years. The 
experiment started with a training session where all three conditions (Table 2) were driven for 
approximately 3.5 minutes each. The presentation order of the conditions was counterbalanced 
separately in all parts of the experiment (training, test, and preference assessments). After the training 
session the test session started. In the test session the three conditions were driven on the same track. 
Average speed, standard deviation of speed, throttle position and brake position were measured. 
Finally, the participants were given the opportunity to give their opinions on the different driver 
assistance systems. This was made by first driving each system for one lap, just to remind them about 
the conditions. Assessments were made on three 9-point scales: “How did you like this drivetrain 
sound?”, ranging from “Did not like at all” to “Liked much”, “I think this drivetrain sound provided 
me with enough information during driving”, ranging from “Do not agree at all” to “Agree 
completely”, and “I think this drivetrain sound was annoying”, ranging from “Do not agree at all” to 
“Agree completely”. In addition, an open box for free comments was provided. 

3. RESULTS 

3.1 Design Sprint 1 – Conceptual Design 
In Design Sprint 1 a baseline sound was designed with the aim of creating a baseline that was 

perceived as realistic. This was made in a design workshop involving the three sound designers and 
three design engineers at Scania. In addition to the baseline sound, filtering techniques and engine 
order enhancement techniques (adding of tone components to the recorded engine sounds) were 
explored. The results from Design Sprint 1 was a working prototype with a balanced and realistic 
baseline sound and rough sketches of how the baseline sound could be altered using active noise 
control. No further qualitative or quantitative studies were made in this stage. Further development 
and assessment were carried out in subsequent design sprints. 
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3.2 Design Sprint 2 – Contextual Inquiry Interviews 
Nine concepts were developed based on the feedback from truck designers and engineers in Design 

Sprint 1 (see Table 1). The concepts were then assessed in Contextual Inquiry interviews with four 
drivers testing them in the driving simulator. 
 

Table 1 – Sound concepts developed in Design Sprint 2 
No. Description 
1 Baseline. Designed to resemble sounds of contemporary trucks. 
2 Enhanced low frequencies. Two distorted tones forming a triad chord 

with the fundamental of the engine sound. 
3 Enhanced low frequencies. Same as 2, but another chord. 
4 Enhanced low frequencies. Same as 2, but with more prominent 

feedback when the load was increased. 
5 Mid-frequency tones added. 
6 Mid-frequency tones added. Same as 5, but at a different pitch. 
7 Mid-frequency tones at constant pitch. 
8 Mid-frequency tones added when speed is increasing or decreasing. 

Higher pitch was used for increasing and lower for decreasing speed. 
9 Mid-frequency tones added when speed is increasing or decreasing. 

Same as 8, but more prominent. 
 

The interviews showed that: 

- The baseline sound was experienced as realistic, but had too much wind noise, and the wind 
noise increased too abruptly with speed, especially around 60 km/h. 

- The gear shifting sounds were unrealistic (no attempt was actually made to implement realistic 
gear shifting sounds). 

- Opinions on rumbling low frequency sounds varied among participants. Some participants liked 
them, some did not. 

- Most participants thought that sounds with more rumbling low frequency content sounded more 
realistic than the sound designed with realistic frequency content. 

- Some participants though that low frequency rumbling increasing with torque gave good 
feedback. This kind of information is particularly useful on small hilly roads. However, most 
participants found it tiring, and would not like it for a whole working day. 

- The turbo sounds were not realistically correlated with load. One participant said that he uses 
to listen to the turbo sounds to judge how much power that is used. 

- One participant noted that there were differences between the concepts regarding when the 
response became apparent. When the auditory response came late (at high load) the tuck gave 
a weak impression. He preferred early response (already at low load). 

 
The designers’ reflections can be summarised into the following points: 

- Immediate responses to driver actions were generally perceived as logical and desirable. 
- Individualisation and possibility to switch the system on and off are probably necessary for 

broad acceptance, as preferences for sounds varied. 
- Simulated driving in the design studio was useful for experiencing the interactive sounds. 

3.3 Design Sprint 3 – Experiment Based on Simulated Driving 
The baseline concept and two other concepts were selected from Sprint 2 for use in the experiment 

in Sprint 3, after adjustments according to comments from the Contextual Inquiry Interviews (see 
Table 2). 
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Table 2 – Sound conditions used in the simulator experiment. 
No. Description 
1 Baseline. Simulated interior truck sound based on sampled, time stretched and 

pitched near field recorded engine, exhaust, and interior sounds. 
2 Increased low frequency rumbling used as feedback for torque. Based on the 

baseline sound. 
3 Mid-frequency tones added when speed is increasing or decreasing. Higher pitch 

is used for increasing speed and lower for decreasing. Based on the baseline sound. 
 
Within-subject differences in average speed, standard deviation of speed and throttle position were 

analysed using one way repeated measures ANOVA. The results are shown in Table 3. No significant 
differences were found. 

Table 3 – One way repeated measures ANOVA of within-subject differences. 
 Within-Subject Effects Mauchly’s Test 
Variable F Sig. χ2(2) Sig. 
Average Speed F(2, 34) = 1.76 .187 1.907 p > .05 
Std. Dev. of Speed F(2, 34) = 0.545 .585 2.219 p > .05 
Std. Dev. of Throttle Pos. F(1.37, 23.36) = 0.300 .661 9.735 p < .05 
Std. Dev. of Brake Pos. F(2, 34) = 0.971 .389 4.065 p > .05 

 
Within-subject differences in the subjective assessments were also analysed using one way 

repeated measures ANOVA. The results are shown in Table 4. Significant differences in preference 
were found (p<.05). Post-hoc Bonferroni adjusted pairwise t-tests showed that Condition 3 was 
significantly (p<.05) less preferred than Conditions 1 and 2. No significant difference was found 
between Condition 1 and 2. Further, significant differences were found in the assessments of how 
informative the sounds were perceived (p<.05). Post-hoc Bonferroni adjusted pairwise t-tests showed 
that Condition 3 was perceived as significantly (p<.05) less informative than Condition 1 and 2. No 
significant difference was found between Condition 1 and 2. Finally, significant differences in 
annoyance were found (p<.05). Post-hoc Bonferroni adjusted pairwise t-tests showed that Condition 
3 was perceived as more annoying than Conditions 1 and 2. No significant difference was found 
between Condition 1 and 2. 

Table 4 – One way repeated measures ANOVA of within-subject differences in the subjective assessments. 
 Within-Subject Effects Mauchly’s Test 
Variable F Sig. χ2(2) Sig. 
Preference F(2, 34) = 20.176 .000 5.131 p > .05 
Annoyance F(2, 34)=10.7  0.47 p > .05 
Information F(2, 34)=8.76  0.10 p > .05 

4. CONCLUSIONS 
The design process used in the project was based on user-centred agile methods.  It facilitated 

early and continuous feedback throughout the project. The use of game technology enabled designers 
and drivers to experience the sounds in a simulated environment. The framework was found to be 
useful and suitable for the design of interactive sounds, and the data collected provides insight into 
the response to the use of active noise control technology as a means for providing more information 
to the driver. 

The effects on driver behaviour were not statistically significant at the p<.05 level. However, the 
preference assessments clearly showed that the prominent and informative tone components were not 
appreciated. However, individual differences were large. With a possibility to customise the sounds 
and with a better design that does not make use of continuous tone components for longer times, 
acceptance may be reached. The low rating of informativeness of Condition 3 indicates that the sound 
might not have been understood by the majority of the participants. With more time for training and 
clear instructions, other results may have been reached. 

As the differences in driving behaviour were not statistically significant, conclusions should not 
be drawn. However, the test was short (3.5 min training + 3.5 min test per sound concept), and did 
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not allow much time for learning. Further, the differences between simulated and real driving are large. 
We would therefore suggest that the design is further developed and tested in real driving. The user-
centred agile sound design methodology was found useful, and we suggest that it is further developed. 
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Investigation of effect on the acoustic transfer function in a vehicle 

cabin according to change of configuration 

Wan-Ho Cho; Ji-Ho Chang 

Korea Research Institute of Standards and Science, Republic of Korea 

ABSTRACT 

Recently, the various audio information are presented in a vehicle cabin not only for a driver but also other 

passengers and various sound field control methods had been applied for various purpose such as personal 

audio. Basically, the measurement of acoustic transfer function in a vehicle cabin is relatively easier than 

other living spaces because of its small volume and movement of objects. However the effect of 

configuration cannot be ignored due to the relatively large volume change, especially related to the change of 

number of passengers. Here, the effect on the acoustic transfer function in a vehicle cabin according to 

change of configuration is observed and method to estimating robust solution is investigated.  

 

Keywords: Acoustic transfer function, sound field control, vehicle interior 

1. INTRODUCTION 

Nowadays, various audio information is presented in a vehicle cabin throughout its car audio 

system. In the early stage of car, e.g. 19 C, the vehicle do not had a space can called as ‘interior 

space’ because its cabin was very small and not enclosed. In the process of advances in 20 C, the 

audio system was installed for every car. In the several decades ago, the car audio was relatively 

simple configuration consists of couple of loudspeakers and it has been improved by applying 

various control with multi-channel audio [1]. Recently, various sound field control method has been 

applied to implement the multi-zone control in a vehicle cabin [2-5]. In order to implement these 

various sound field control in interior space, it is essential to apply the acoustic transfer matrix for 

the process of estimating the control filter. Because the estimated solution largely depends on this 

transfer function, the precise information of transfer function is important. However, it is not always 

possible to obtain and apply the exact acoustic transfer function and the problem of sound field 

control in vehicle interior may not be exception. In this study, the deviation of TF was investigated 

based on the actual measurement in a vehicle cabin. 

 

2. PROBLEM DESCRIPTION  

2.1 Acoustic transfer function in a vehicle cabin  

The acoustical transfer function (TF) is the path of sound transmission from sources to receivers. 

In case of interior space, the TF includes the direct and reverberant components induced by various 

boundary condition of space. In case of vehicle cabin, the volume of space is relatively small in 

comparison with other type of living space. Also, the movement of objects is not frequent and its 

range is also small. These characteristics are suitable condition to apply the sound field control 

method because the TF would be stable as time passed. On the other hands, the space is relatively 

occupied because of its small volume and it can induce relatively large amount of change according 

different layouts including the number of passengers. This means that the different transfer matrix 

for corresponded layout should be applied for exact solution for precise control. However this 

approach is not practical because the real-time adaptation of control filter should be applied 

according to the layout change. Therefore, the application of robust solution to the layout change 

would be more practical approach. To this ends, it is necessary to investigate the amount of change 

induced by layout change in quantified manner as a baseline.  

The measurement of spatial distribution of sound field is conducted by the discrete spatial 
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positions with microphone and dummy head system. The measured result will be obtained by the 

matrix form. For the problem of sound field control in a vehicle cabin, the area to be controlled is the 

ear position of driver and passengers. Here, not only ear position but also the surface around the 

head were measured by using the arc-shaped microphone array.  

Four loudspeakers were originally installed in the test vehicle and 10 additional 2 inch sources 

were installed at the headrest positions as shown in Fig. 1(a). Figure 1(b) shows the positions of the 

source system. 

 

(a)   (b)  

Figure 1 – (a) Photo of additional sources at headrest position, (b) tested source positions, 

 

2.2 Test layouts 

To evaluate the deviation of TF induced by the layout of vehicle inside, an actual measurement of 

transfer matrix was conducted with various layouts. Here, the change of number of passenger and 

effect of passenger’s posture were mainly investigated. The case that no person seated at driver’s 

seat was not considered because this is still not usual condition for conventional vehicle driving 

scenario. Table 1 shows the list the tested layouts. Instead of real passengers, the dummy heads were 

place on the seat.  

 

Table 1 – List of the test layouts 

Index 
Driver 

seat 

Front passenger 

seat 

Rear passenger 

seat  

(Driver side) 

Rear passenger 

seat  

(Driver side) 

Set 1 Dummy 1 Empty Empty Empty 

Set 2 Dummy 1 Dummy 2 Empty Empty 

Set 3 Dummy 1 Dummy 2 Empty Dummy 3 

Set 4 Dummy 1 Dummy 2 Dummy 3 Empty 

Set 5 Dummy 1 Empty Empty Dummy 3 

Set 6 Dummy 1 Empty Dummy 2 Dummy 3 

Set 7 Dummy 1 Empty Dummy 2 Empty 

 

3. MEASUREMENT OF TF 

3.1 Measurement setup  

The measurement was conducted in an SUV type vehicle for 5 passengers and the test vehicle was 

placed in a semi-anechoic chamber. Figure 2 shows the configuration of the measurement system. 

The array microphones (B&K Type 4958) were applied to the array system and the microphone out 

signals were recorded by the multi-channel DAQ system (B&K LAN-XI modules + B&K PULSE) 

with sampling rate of 32 kHz. As the test signal, the band limited white noise to up 12.8 kHz is 

supplied by the generator module (B&K LAN-XI Type 3060) to the multichannel amplifier system 

(minDSP 16CH).  
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Figure 2 – Configuration of the measurement system. 

 

To measure the surface around the head, the arc-shaped array shown in Fig. 3 were designed and 

attached on the neck of dummy head (B&K HATS). The spacing between microphones is 10
o
 for the 

vertical direction and it was rotated 20
o
 step to horizontal direction. Also, this dummy head set on 

the zig which is possible to change of inclination and two different case, upright and lean to back of 

seat were observed.  

 

(a)  (b)  

Figure 3 – Microphone array to measure the acoustical TF on the surface around a dummy head: (a) Array 

design, (b) example of installation to the dummy head. 

 

3.2 Result of TF measurement 

Figure 4 shows an example of the measured binaural response and the example of measured 

response distribution around the head is shown in Fig. 5. These data can be applied to design the 

filter to control sound field.  

To observe the deviation induced by the change of number of passengers, the measurements were 

conducted with the layouts listed in Table 1. Figure 6 shows the example of the change of the 

frequency response induced by the number of passengers and the difference from the layout (driver 

only) are shown in Fig. 7. Most of frequency range, the deviation is bounded ±2 dB however the 

frequency range near of the trough in the response, shows much higher deviation. More drastic 

deviation was observed if the posture of passenger is changed as shown in Fig. 8. The tendency of 

deviation is also changed according to the relative position between sources and receiver.  
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(a) (b)  

Figure 4 – Example of the measured response at ear position: (a) loudspeaker at near of driver seat is ON, 

(b) loudspeaker at near of front passenger seat is ON (blue line: left ear, red line: right ear). 

 

 

Figure 5 – Example of the measured response distribution around the head (Driver seat, Loudspeaker at 

near of driver seat is ON). 

 

  

Figure 6 – Example of the change of the frequency response induced by the number of passengers (Driver 

seat, Loudspeaker at near of driver seat is ON). 
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Figure 7 – Example of the difference of frequency response according to the change of number of 

passenger, reference to the case of driver only (LEFT: left ear, RIGHT: right; Driver seat, Loudspeaker at 

near of driver seat is ON). 

 

 

Figure 8 – Example of the difference of frequency response according to passenger’s posture (Upright and 

lean to back of seat; Driver seat, Loudspeaker at near of driver seat is ON). 

 

4. CONCLUSIONS 

The deviations of acoustical transfer matrix induced by the change of number of passengers are 

investigated in a real vehicle condition. To evaluate the deviation of TF induced by the layout of 

vehicle inside, an actual measurement of transfer matrix was conducted with various layouts. Here, 

the change of number of passenger and effect of passenger’s posture were mainly investigated. The 

measurement was conducted in an SUV type vehicle for 5 passengers and the test vehicle was placed 

in a semi-anechoic chamber.  

In the example measured at the driver position, the deviation is bounded ±2 dB however the 

frequency range near of the trough in the response, shows much higher deviation. More drastic 

deviation was observed if the posture of passenger is changed. The tendency of deviation is also 

changed according to the relative position between sources and receiver. 
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4 Department of Precision Mechanics, Chuo University, Japan 

ABSTRACT 

As an approach to identification of a factor that contributes to gear sound, in the quasi - static 
loading condition of low speed operation, estimation of gear transmission error of spur gear was 
investigated from combination of vibration measurement and numerical simulation. Furthermore, 
build a numerical simulation approach to analyze the prediction and contribution of vibration and 
sound under high speed operation conditions. 
 
Keywords: Dynamic Mesh Force, Transmission Error, Acoustic Power 

1. INTRODUCTION 
The dynamic characteristics of gear system have great influence for the vibro-acoustic phenomena 

of gear systems. Therefore, capturing all relevant factors influence, such as for transmission error, 
gear mesh stiffness, mesh dynamic force, component and system flexibility. It is significant to study 
the vibro-acoustic phenomena of gear system.  

The gear whine noise is one of main vibro-acoustic phenomena of gear system due to gear meshing, 
it is caused by meshing force transmitted to the housing via the bearing supporting the gear shaft and 
is generated by the vibration of the housing.   

In this paper, modeling the gear system into an excitation Source-Transfer-Receiver. First, a 
measurement and simulation approach to estimated transmission error and calculate the mesh dynamic 
force. The combination of vibration measurement and numerical simulation and estimated the gear 
transmission error in the quasi-static loading condition of low speed operation. In addition, using the 
simulation model calculate each component contribution for mesh dynamic force and acoustic 
radiation power.  

2. ESTIMATION OF MESH TRANSMISSION ERROR 
The transmission error is caused by factors such as micro geometry, assembly error, and bending 

or twisting of the shaft due to the torque of the operating load. Separately from the resonance due to 
the vibration mode of the gear system, the frequency response function in the low frequency range is 
measured to capture the vibration caused by the mesh transmission error. Finally, estimate 
transmission error from correlation analysis of experimental and analytical vibration results. 

2.1 Vibration Measurement  

The main shaft of the gear system is put into rotation by an electric motor with a speed controller 
connected in series through a flexible coupling, the output shaft is braked by a gear head motor with, 
fix the shaft by mounting the flange type bearing unit on the shaft fixing bracket. For lubrication, 
apply grease to the tooth surface before each test. As a quasi-static low-speed operating condition, a 

                                                        
1 chengfeng_pu@camal.mech.chuo-u.ac.jp 
2 takafumi_takeda@camal.mech.chuo-u.ac.jp 
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load condition with a rotational speed of 30 rpm and a torque of 30 Nm is placed on the main shaft. 
Three-axis accelerometer used for vibration measurement; it was positioned at the bracket of the gear 
system. 

The Figure 1 below illustrates the gear system and position of accelerometer. 
 

  

Figure 1 – Measurement Gear System and Position of Accelerometer  

 

 

Figure 2 – Translational Acceleration on the Bracket 

 

Figure 2 shows the acceleration data of measurement of a gear system under low-speed operating 
condition, approx. 30 rpm with a corresponding gear mesh frequency of 13 Hz. From the significant 
peak value of acceleration with a period of 13 Hz, the gear system was excited periodically at 13 Hz 
because of transmission errors. 

2.2 Build Simulation Model 

The full integrated gear system model is generated, search as gear macro geometry, bearing, gear 
blanks and bracket in full FE in this simulation model. Table1 and Table2 lists the different parameters 
used to generate the gear pair. Then, the gear geometry computation allows to create in accordance 
with the ISO 21771 standard. Figure 3 displays the 3D simulation model modeled measurement gear 
system.  

Table 1 – Gear Specification 

Parameter Pinion Wheel 

Number of Tooth 28 48 

Module(mm) 2.5 

Pressure Angle (°) 20 
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Table 2 – Gear Specification 

Parameter Pinion Wheel 

Face Width(mm) 25 

Center Distance(mm) 97.5 

Tip Diameter(mm) 75 125 

Root Diameter(mm) 63.75 113.75 

 

 
Figure 3 – Simulation Gear System 

 

2.3 Correlation between Simulation and Experiment 

Figure 4 shows the comparison acceleration data of bracket with measurement and simulation of a 
gear system under low-speed operating condition. As a result, the vibration values from the 1 to 4 
order of meshing due to the transmission error of the simulation is in almost agreement with the 
measurement value. Therefore, it is assumed that the simulation model can represent the dynamic 
characteristics of gear system. 

 

 

Figure 4 – Translational Acceleration of Measurement and Simulation  
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3. CONTRIBUTION ANALYSIS BY SIMULATION  
The gear whine noise is affected by mesh dynamic force and structure of gear system etc. To reduce 

noise level is to lower level of mesh force and system vibration. Therefore, require contribution 
analysis of mesh dynamic force and acoustic power that capturing which structure modes efficient to 
it. Two methods are used to calculate contribution. The one is modal superposition structural repose 
analysis calculate component compliance and find which structure mode contribute mesh dynamic 
force. The other is use the ISO/TS 7849 calculate acoustic power and acoustic power contribution.      

3.1 Contribution Analysis for Mesh Dynamic Force 

The aim is to solve the equations of motion of the gear system 
 

M�̈�+Ku=f (1) 

 
f is the dynamic mesh force, in the line of action; u is an n-dimensional, time dependent vector, 

representing the displacements of the system; M is the n×n mass matrix for the full system is the n×n; 
K stiffness matrix for the full system. 

Dynamic mesh force 
 

f= D× δ (2) 

 
D is the dynamic mesh stiffness, in the line of action; δ is the static transmission error. 
Dynamic mesh stiffness 
 

D=1/(Cp+Cw)  (3) 

 
Cp,Cw is the compliance of pinion and wheel sides respectively. 

When torque and rotation excite input shaft through bearing, bracket and gear, the mesh dynamic force 
at the line of action was same as Figure 5. There were 2 peaks in Fig 5. Those peaks had higher 
probability occurring pinion and wheel side compliance. 
 
 

 

 
 
 
 
 
 
 
 
 
 
 
 

Figure 5 – Dynamic Mesh force of Gear system 

 

Figure 6 shows the compliance amplitude and phase, acceleration data of measurement of a gear system, the 

value of pinion side compliance is close to value of pinion side compliance at 530 Hz and 1100 Hz, 
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furthermore, it could be confirmed that dynamic mesh force became a peak at 530 Hz and 1100 Hz due to 

the phase difference.    

 

Figure 6 – Gear mesh force and compliance 
 
 
 
 
 
 
 
 
 

Figure 6 – Gear Mesh Compliance 

 

Figure 7 showed Modal Compliance Factor for dynamic mesh force, modes were separated pinion side modes 

and wheel side modes. The results showed that 6th wheel side mode and 9th pinion side mode was more 

effective to mesh dynamic force at 530 Hz.   

 

Figure 7 – Modal Compliance Factor 

 

Figure 8 showed the torsional mode of 6th wheel side modes and 9th pinion side mode effect to dynamic mesh 

force.  

 

 

 

 

 

   

 

Figure 8 – Component Mode Shape 

-200

-150

-100

-50

0

Ph
as

e 
 [
°

]

Frequency [Hz]

Pinion side compliance
Wheel side compliance

1.E-05

1.E-04

1.E-03

1.E-02

1.E-01

1.E+00

1.E+01

1 399 799 1,2021,6042,0012,4042,8033,2023,602

C
om

pl
ia

nc
e 

[μ
m

/N
]

Frequency [Hz]

Pinion side compliance
Wheel side compliance

1  400              2000                4000 1  400             2000                 4000 

530Hz 

6th Wheel side modes 

9th Pinion side modes 
961Hz 

351Hz 

6th Wheel side modes 
351 Hz 

9th Wheel side modes 
961 Hz 

Modes number 

0                   15                        30 

6.E-04 

4.E+00 

2.E+00 

0.E+00 M
od

al
 C

om
pl

ia
nc

e 
Fa

ct
or

 [
μm

/N
] 

5200



 

PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 

 

3.2 Contribution Analysis for Acoustic Power 

The acoustic power contribution analysis is focused on the effect frequency finding. This method 
is to find which structure modes is correlated with acoustic power level. Therefore, it is useful to find 
specific structure modes. 

Figure 9 showed the total acoustic power and each component acoustic power; the results showed the acoustic 

power at 530 Hz is due to the vibration by dynamic mesh force. The acoustic power of input shaft affected 

the total acoustic power at 270 Hz, and the acoustic power of output bracket affected the total acoustic power 

at 1620 Hz.   

 

  

 

 

 

 

 

 

 

 

 

 

                 Figure 9 – Acoustic Power 

 

Figure 10 showed the system coupled modal participation factor analysis results, 3rd modes and 
19th modes are influence the peak of acoustic power at 270 Hz and 1620 Hz. 

 

 

 

Figure 10 – Modal Pacification Factor  

 

Figure 11 showed the 3rd modes is bending mode of input shaft and 19th modes is bending modes of wheel 

side.  
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Figure 11 – Coupling Mode Shape  

4. Estimation of Noise Reduction Potential 
Two methods can use to reduce the gear whine noise. The one is using the micro geometry 

optimization and reduce the amplitude value of transmission error. Other is optimized the structure 
based on the results of the contribution analysis in the previous section that is tuning the structure 
modes and reduce the mesh dynamic force and modes contribution for acoustic power.  
In this section, examine the possibility of tuning the structure modes and reduce the mesh dynamic 
force, finally evaluate the total acoustic power and effectiveness of simulation approach.    

Necessary to provide a tuning approach for increase the compliance of meshing point of either 
pinion or wheel side for mesh dynamic force reduction. Based on compliance value of simulation, 
build simulation model that increase the wheel side stiffness and reduce the pinion side stiffness. 

 

  

Figure 12 – Comparison of Dynamic Mesh Force Before and After Modification  

 

Figure 12 showed the comparison of values of dynamic mesh force before and after modification, 
as a result, able to reduce the targeted 530 Hz peak. However, the peak value of mesh dynamic force 
is shift to lower frequency with increase in low frequency domain and 1130 Hz due to by changing 
the stiffness of the pinion and wheel side models, the natural frequency of system model is changed. 

 
Figure 13 – Comparison of Total Acoustic Power Before and After Modification  
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Figure 13 showed the comparison of values of total acoustic power before and after modification, 
as a result, able to reduce the acoustic power at 530 Hz peak.  

5. CONCLUTION  
The combination measurement and numerical simulation in of external component vibration of 

gear system seems to be a promising approach to significantly identify transmission error in gear 
system. Further, to identify affective mode for reduce gear whine noise was used modal participation 
factor analysis and acoustic power contribution analysis. In numerical simulation approach, able to 
modify stiffness of the component of gear system and tuning modes to reduces the gear whine noise 
of the specific frequency domain. accommodate numerical simulation approach to the actual gear 
system is in progress. 
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Design of optimal car interior sound improving driving feeling 

Su-Ho CHA1; Sung-Hwan SHIN1; Jae-Ho YANG1 

1 Kookmin University, South Korea 

ABSTRACT 

The virtual driving sound has been used as a tool improving the driving feeling of passenger car. The purpose 

of this study is to suggest the strategy generating virtual driving sound that is closely connected with the 

driving condition. To this end, previous studies ascertained that powerful feeling of car interior sound was 

related to the roughness during the acceleration and that dynamic feeling and pleasant feeling of car interior 

sound were negative correlation. In this study, the acoustic factor affecting dynamic feeling was extracted 

based on the subjective listening evaluation. And by using the acoustic factor, it was identified to improve 

the driving feeling when a virtual sound should be generated and what order components should be 

supplemented. It is expected that the method can improve driving feeling related to not only dynamic feeling 

but also pleasant feeling. 

 

Keywords: Sound Quality, Driving Feeling, Driving Sound, Dynamic Feeling 

1. INTRODUCTION 

The studies to improve the driving feeling of the car have been on-going as the expectation on the 

perceived quality have been surged. For this issue, there is a way to control the actual engine sound 

by using the intake and exhaust system, but recently, the virtual driving sound is produced in use of 

the audio system by the reasons of physical restrictions such as the structure of engine and car body 

and regulating on the external sound. In order to improve the driving feeling of the car with virtual 

driving sound, the strategy of designing the driving sound tuned to the driving conditions is required.   

When the precedent studies for designing the driving sound were looked into, Frank et al. (1) 

described that the roughness was related to a powerful sound for the sporty car, and the roughness 

was increased by amplitude modulation when the neighboring half-order of the main order on the 

engine was amplified. Wang et al. (2) described that the roughness improve the powerful feeling of 

the sporty car, but it induce the annoying in the usual car. Cha (3) and Kim (4) classified the dynamic 

feeling into a powerful feeling and a speedy feeling based on the subjective listening evaluation and 

described the reduced pleasant feeling at the improved the dynamic feeling. This study is to suggest 

the virtual driving sound design strategy to improve the driving feeling that improves dynamic feeling 

during the acceleration and keeps the pleasant feeling during the constant or deceleration. 

To this end, Section 2 measured the driving sound for the cars with different engine performance 

in various driving conditions, Section 3 performed the subjective listening evaluation on the measured 

driving sounds for the driving feeling evaluation. Section 4 derived the acoustic factors to analyze the 

subjective listening evaluation as objective, and Section 5 proposed the strategy generating virtual 

driving sound to improve the driving feeling. 

2. Measurement of driving sound 

As shown in Table 1, the driving sound was measured for Car A and Car B differed in engine 

performance (Power & Torque) through the microphone installed at the driver ’s ear position. 

The cars were driven in acceleration after initial cruising speed, and the specific driving conditions 

were constructed in 1-4 steps as shown in Table 2. In this paper, the driving conditions were described 

in sequence of initial cruising speed and acceleration conditions. For example, as shown in Figure 1, 
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it was expressed in 80km/h MTI in case of 80km/h initial cruising (constant) speed and Middle Tip In 

(MTI) acceleration.  

Table 1 – Comparison of the engine performances 

Engine performance 

Cars sample 
Maximum power Maximum torque 

Car A 332 kW @ 5,500 rpm 651 N∙m @ 1,800 ~ 4,500 rpm 

Car B 272 kW @ 6,000 rpm 510 N∙m @ 1,300 ~ 4,500 rpm 

 

Table 2 – Driving conditions for recording 

Driving condition 

Step 
Initial cruising speed Accelerating condition 

Step1 80km/h MTI 

Step2 100km/h MTI 

Step3 80km/h WOT 

Step4 100km/h WOT 

 

 

Figure 1 – Method of the driving according to speed vs. time 

3. Subjective listening evaluation for driving feeling 

3.1 Construction of subjective listening evaluation 

As shown in Figure 2, the test sound was made for the measured driving sound in Chapter 2 by 

editing in acceleration interval after keeping the initial cruising speed for 1 second. Because these 

sounds were more than 10 second and are non-stationary sound, the listening evaluation program was 

made as shown in Figure 3(a) and used to evaluate on each section.  Magnitude Estimation Method 

(MEM) was applied to the listening test, and the levels of dynamic feeling were evaluated with the 

criteria of Figure 3(b). The jury was composed of 30 people in 20-30s having normal hearing ability.  

 

 

Figure 2 – Change of test sound in time domain 
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(a)                                     (b)  

 

 

 

 

 

 

 

 

Figure 3 – (a) Listening evaluation program for acceleration sound,  

(b) Rating guide for dynamic feeling  

3.2 Results of dynamic feeling evaluation 

As shown in Figure 4, Car A with more good in engine performance was evaluated higher than Car 

B in the overall acceleration section. The result can be analyzed for the reflection of engine 

performance to the dynamic feeling.  

Next, the relation between the driving characteristics and dynamic feeling was analyzed as follows. 

Firstly, the dynamic feeling had more than 3.5 points for Car A and less than 2.8 points for Car B at 

the initial acceleration section, and later, tended to increase for both Car A and B at the acceleration. 

In the other words, the improvement on the dynamic feeling at the initial acceleration section will be 

effective to improve the overall dynamic feeling during accelerated driving.      

Secondly, the driving conditions of the Car A with high performance engine were compared in the 

acceleration section as follows. The dynamic feeling was increased comparatively in linear form in 

Wide Open Throttle (WOT) acceleration, but increased in log form in MTI acceleration. In the other 

words, it is considered that the difference in acceleration amount (or supplied power) made influence 

on the dynamic feeling at the acceleration section.  

 

(a)                                (b) 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 4 – Result of Subjective listening evaluation 

 (a) WOT acceleration conditions, (b) MTI acceleration conditions 

4. Method to analyze dynamic feeling objectively  

For objective analysis on dynamic feeling, Section 4.1 analyzed driving sound by means of Short 

Time Fourier Transform (STFT) and Section 4.2 suggested the TNRorder for acoustic factor to reflect 

the features in engine sound. And Section 4.3 analyzed the influential factors to the dynamic feeling 

objectively with TNRorder. 

4.1 STFT Analysis 

Figure 5 showed the calculated STFT of each car (Car A & Car B) for 80km/h WOT. In case of Car 
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A, the 1st firing order of the engine was mainly occurred in the initial acceleration section and the 2nd 

firing order was mainly occurred at the section after 8s. For Car B, however, the firing order 

components were not dominant or clear through the acceleration section.   

 

    (a)                                   (b) 

           

 

 

 

 

 

 

 

 

 

Figure 5 – Results of STFT analysis for 80km/h WOT (a) Car A, (b) Car B 

4.2 TNRorder 

Tone to Noise Ratio (TNR) (6) presented the log scale for the calculated ratio of tone power to 

noise power as shown in Eq. 1 to reflect the features of tonal sound. The critical-bandwidth, 1Bark 

for ISO 532-1 (7) was adopted for the frequency range of the noise power.  

But, differently with TNR, TNRorder presented the log scale for the calculated ratio of tone power 

to noise power of target engine order. The Equivalent Rectangular Bandwidth (ERB), 1Cam for ISO 

532-2 (8) was adopted for the frequency range to obtain the noise power.  The reason was to minimize 

the interference of neighboring engine order for the target engine order on the frequency range 

corresponding to noise power because 1Cam is narrower than 1Bark on the frequency below 500Hz 

where engine sound occurred mainly. Figure 6 showed the frequency range of 1Cam for obtain the 

noise power of the 1st and 2nd firing order. TNRorder was calculated through Eq. 1 after obtaining tone 

power and noise power. 

 

 

TNR = 10𝑙𝑜𝑔10
𝑇𝑜𝑛𝑒 𝑝𝑜𝑤𝑒𝑟

𝑁𝑜𝑖𝑠𝑒 𝑝𝑜𝑤𝑒𝑟
                         (1) 

 

 

Figure 6 – Order components and frequency ranges of noise component for TNRorder 

4.3 The relation between TNRorder and dynamic feeling 

The influential factors on the dynamic feeling was analyzed objectively with TNRorder. First, Figure 

7(a) shows the calculated TNRorder of the 1st firing order when the acceleration conditions of Car A 
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and Car B were WOT. It shows TNRorder was more than twice higher in Car A than Car B in the initial 

acceleration section. This result can be regarded as TNRorder difference of the 1st firing order by the 

differences of engine and the performance of NVH control of Car A and B. In other words, the sound 

pressure level (SPL) of the engine sound is reinforced when the 1st firing order was emphasized at the 

initial acceleration section, and such phenomenon was concluded as the differences of dynamic 

feelings for each car (Car A & Car B) in the initial acceleration section. 

Next, Figure 7(b) shows the calculated TNRorder of the 2nd firing order on all driving conditions of 

Car A. It shows TNRorder of the 2nd firing order was decreased after the certain timing during 

acceleration in MTI condition, but TNRorder of the 2nd firing order was high after the certain timing 

during acceleration (WOT 80km/h: near to 11.5s, WOT 100km/h: near to 9.5s). This result can be 

regarded as TNRorder difference of the 2nd firing order by difference of acceleration amount for WOT 

acceleration and MTI acceleration in high speed driving and the structural resonance of the Car A in 

the frequency range corresponding to the 2nd firing order at certain timing during WOT acceleration. 

In other words, the tone color was changed when the high order was emphasized at the certain timing 

during acceleration, and such phenomenon was also concluded as the increased dynamic feeling on 

WOT acceleration duration. 

 

(a)                                (b) 

 

 

 

 

 

 

 

 

 

 

Figure 7 – Results of TNRorder vs. Time 

(a) TNRorder for 1st firing order, (b) TNRorder for 2nd firing order of Car A 

5. DISCUSSION 

In section 4.3, the reinforcement of SPL for the engine sound by using the 1st firing order at the 

initial acceleration section and the change of tone color for the engine sound by using the high order 

at certain section during acceleration were known to be effective for the dynamic feeling enhancement. 

In other words, the reinforcement of the appropriate order component of engine sound and its 

generating timing were more effective to improve the dynamic feeling than the overall level was 

simply increased.  

In addition, Kim (4) classified the dynamic feeling into the speedy feeling and the powerful feeling, 

and Cha et al. (3) described that the reinforcement of the high engine order was effective to improve 

for the speedy feeling. And, Frank et al. (1) described that the reinforcement of the half engine order 

was effective to improve for the powerful feeling. It is considered that the dynamic feeling can be 

improved by strengthening the speedy feeling as supplementing higher order and/or the powerful 

feeling as doing the roughness while the SPL of the car interior is kept when the virtual driving sound 

is generated  

Based on the descriptions in the above, the strategy for creating the virtual driving sound to 

improve the driving feeling was proposed in Figure 8. In the constant speed section corresponding to 

‘T0 ~ T1’, the virtual driving sound is not generated, thereby keeping the pleasant feeling . In the 

acceleration section corresponding to ‘T1 ~ T2’, because the acceleration amount is kept, the dynamic 

feeling is improved by generating a virtual driving sound to increase TNRorder of the 1st firing order. 

In the acceleration section corresponding to ‘T2 ~ T3’, because the SPL on the car interior is high, the 
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dynamic feeling is improved through the speedy feeling is improved by generating a virtual driving 

sound to increase TNRorder of the high order. (Otherwise, the dynamic feeling is improved through the 

powerful feeling is improved by generating a virtual driving sound to increase TNRorder of the half 

order.)  

 

 

 

 

 

(a) 

 

 

 

 

 

 

 

 

 

 

 

(b) 

 

 

 

 

 

 

 

 

 

 

(c) 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 8 – Strategy generating virtual driving sound 

(a) Speed vs. Time, (b) TNRorder vs. Time, (c) Perceptual feeling vs. Time 

6. CONCLUSIONS 

In the study, TNRorder was suggested as the acoustic factor reflecting the dynamic feeling of engine 
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sound and, in use of the suggested TNRorder, it was known the reinforcement of SPL for the engine 

sound at the initial acceleration section and the change of tone color for the engine sound at certain 

section during acceleration were effective for the dynamic feeling enhancement.  

Based on these results, the strategy of generating the virtual driving sound was suggested that the 

dynamic feeling can be improved by generating the virtual driving sound at the specific acceleration 

condition such as passing drive. In addition, the pleasant feeling can be kept when the virtual driving 

sound was not generated.  
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Investigating uncertainties in fast HRTF measurements

Shaima’a DOMA(1), Hark BRAREN(1), Janina FELS(1)

(1)Teaching and Research Area of Medical Acoustics, Institute of Technical Acoustics, RWTH Aachen University, Germany,
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Abstract
In personalized binaural synthesis, the use of individual head-related transfer functions (HRTFs) promises im-
proved auditory immersion and localization performance, compared to generic HRTFs. A direct way of ac-
quiring individual HRTFs is via acoustical measurements. At the Institute of Technical Acoustics of RWTH
Aachen University, a measurement arc with 64 loudspeakers has been developed and optimized for this pur-
pose, performing a fast measurement whilst rotating continuously around the subject. Optical tracking allows
an investigation into positional uncertainties of the arc, as well as into subject movement. A real-time feedback
system further indicates the subject’s current deviation from the desired position and orientation, hence allowing
for correction. Previous evaluation approaches of the measurement system are expanded in this study. A series
of human HRTF measurements is conducted, together with 3D structured light head scans of the subjects, which
can be used for Boundary Element Method (BEM) simulation of the HRTF. By means of objective distance
measures, differences between HRTFs, as well as repetition errors are quantified and measurement accuracy is
assessed.
Keywords: Individual HRTFs, measurement accuracy, distance measures
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Independent modes and dimensionality reduction of head-related 
transfer functions based on tensor decomposition 

Tong ZHAO1; Bosun XIE2 
1 Acoustic lab, School of Physics and Optoelectronics, South China University of Technology, Guangzhou, China 
 Acoustic lab, School of Physics and Optoelectronics, South China University of Technology, Guangzhou, China 

ABSTRACT 
Head-related transfer functions (HRTFs) are acoustical transfer functions from a source to two ears in the 
free-field and vital to spatial audio. Generally, far-field HRTFs vary with source direction, frequency and 
subject. Accordingly, the dimensionality of a full set of HRTFs is very large. Linear decomposition has been 
used to reduce the dimensionality of HRTFs. Due to the multiple variable-dependent characteristics of HRTFs, 
in present work, tensor decomposition is applied to analyze the independent modes of HRTF variation so as 
to achieve a more efficient representation of them. The measured HRTF magnitudes are first smoothed with 
a frequency bandwidth of 1 ERB. Then the smoothed HRTF magnitudes of 52 Chinese subject, 493 directions 
for each subjects and 42 discrete frequencies (up to 14 kHz) are combined as a 3rd-order tensor and then 
undergone a Tucker decomposition. The results indicate that 17 subject-related modes, 13 directional-related 
modes and 7 frequency-related modes account for more than 95% variations of HRTFs at corresponding 
dimension respectively, and thus the HRTF dataset can be reduced by truncating the modes to corresponding 
orders. Based on the results, it is also deduced that 17 anthropometric parameters at least are needed for the 
anthropometry-based HRTF customization. 
 
Keywords: HRTF, Tensor decomposition, Dimensionality reduction 

1. INTRODUCTION 
Head-related transfer functions (HRTFs) are the acoustical transfer functions from a sound source 

to two ears in the free field, which characterize the comprehensive filtering effects of anatomical 
structures on sound waves (1, 2). HRTFs contain sound source localization information such as 
binaural time difference (ITD), binaural sound level difference (ILD), and high-frequency spectral 
cue. They play a very important role on the researches of binaural hearing and applications in virtual 
auditory display (VAD). 

Generally, at the far-field source distance r > 1.0 m with respect to head centre, HRTFs vary as 
complicated functions of source direction and frequency. Due to the differences in the anthropometric 
geometries of head, pinnae and torso etc., HRTFs also depend on individual. Due to the multiple 
variable-dependent characteristics of HRTFs, the dimensionality of a full set of HRTFs is very large.  

In researches and applications, it is often required to reduce the dimensionality of HRTFs. For 
example, an accurate VAD needs individualized or matched HRTFs (3). Measurement and numerical 
calculation are two common methods to acquire HRTFs. However, it is difficult to acquire a full set 
of HRTFs for each individual by measurement or numerical calculation. Alternatively, a full set of 
matched HRTFs of a new subject can be customized from an existing HRTF database and 
anthropometric-based measurement or from a few HRTF measurements on the new subject (4, 5). 
Prior to customization, dimensionality reduction of the existing HRTF database is needed. In addition, 
a low-dimensional representation of HRTFs reduces the required memory space in practical VAD.  

Actually, there exist some similarities or correlations among the HRTFs of different directions, 
frequencies and subjects. The dimensionality of HRTFs can be reduced by removing these correlations. 

                                                        
1 371870906@qq.com 
2 Corresponding to: phbsxie@scut.edu.cn 

5212



 

 

Linear decomposition is often used to derive the low-dimensional representation of HRTFs. Principal 
component analysis (PCA), or equivalently, singular value decomposition (SVD), is a common  
example of linear decomposition (5-7). By using PCA, HRTFs are decomposed into a weighted sum 
of spectral shape basis functions or spatial basis functions. Each basis function represents an 
independent mode of HRTF variation in the frequency domain or spatial domain. The low-dimensional 
representation of HRTFs is derived by truncating the basis functions decomposition to some preceding 
orders that represent the most important variance of HRTFs.  

Tensor is a multi-dimensional extension of conventional vector and matrix (8). Tensor 
decomposition is a multilinear modelling technique and an extension of traditional PCA or SVD 
calculation. Due to the multiple variable-dependent characteristics of HRTFs, a more efficient 
representation of HRTFs can be achieved by tensor decomposition. One advantage of tensor 
decomposition is that the interactions between multiple variables are considered. Grindlay and 
Vasilescu first presented a tensor framework for HRTF decomposition and used it to customize 
individualized HRTFs from anthropometric measurement (9). Huang and Li also explored the 
individualized HRTF customization using tensor decomposition (10). However, the independent 
dimensionalities or modes required for HRTF reconstruction were not analyzed in detail in 
aforementioned works, especially for subject-related modes. 

In present work, tensor decomposition is further applied to analyse the independent modes of HRTF 
variation, so as to achieve a more efficient representation of the original HRTF datasets.  

2. PRINCIPLE of Tensor decomposition of HRTFs 
In present work, spatial direction is specified by elevation -90º ≤ Ф ≤90º and azimuth 0º ≤ θ < 360º, 

where Ф = -90°, 0° and 90° represents the bottom, horizontal and top direction, respectively; In the 
horizontal plane, θ = 0°, 90° and 180° represents the front, right and back direction, respectively.  

Suppose that there are a full set of HRTFs from S subjects, M directions for each subject, and N 
discrete frequencies at each direction. The data can be HRTF magnitudes or complex -valued HRTFs 
with magnitude and phase. Then the full set of HRTFs are represented by a S × M × N tensor NMSH  
with entries H(s, m, n) =Hsmn. Where s =1,2…S,  m = 1,2…M  and n = 1,2…N represent the indexes 
of subject, direction and frequency, respectively. To decompose the HRTF efficiently, the mean HRTF 
across S subjects and M directions are subtracted from the entries of NMSH , yielding a zero-mean 
HRTF tensor NMS'H  with entries: 

NnMmSs

nmsH
SM

nmsHH
S

s

M

m
smn

...2,1,...2,1,...2,1

),','(1),,('
1' 1'

                         (1) 

The Tucker decomposition of tensor NMS'H  is expressed as the product of a core tensor and three 
unitary matrixes (8): 

n
NNn

m
MMm

s
SSsNMSNMS UUUWH '                          (2) 

Where NMSW  is a S × M × N core tensor with entries Wsmn, s = 1,2…S, m = 1,2,…M, and n = 1,2…N. 
s

SSU  , m
MMU   and n

NNU   are three unitary matrixes with entries s
ssU '  , 

m
mmU '   and n

nnU '   respectively. 
Subscript in each matrix indicates the dimensionality of matrix. These unitary matrixes satisfy 
following orthonormal properties:  

s s m m n n
S S S S S S M M M M M M N N N N N NU U I U U I U U I                  (3) 

Where, the superscript “+” denotes the transpose and complex conjugation of the matrix. I is identity 
matrix.  

The products of core tensor and three unitary matrixes are calculated so that the entries of tensor 
NMS'H   are related to the entries of core tensor NMSW   and entries of three unitary matrixes as 

follows: 
S

s

M

m

N

m

n
nn

m
m m

s
ssnmssm n UUUWH

1' 1' 1'
'''''''                              (4) 

Similar to the procedures on PCA (2), to find the unitarity matrix s
SSU  , an S × (MN) matrix 

1
)(MNSH   is constructed. The rows of 1

)(MNSH  represent the mean-subtracted HRTFs for different 
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subjects, and the columns of 1
)(MNSH  represent the mean-subtracted HRTFs at various directions and 

frequencies. An S×S Hermitian matrix 1
SSR is constructed from 1

)(MNSH as, 

1
)(

1
)(

1 1
SMNMNSSS NM

HHR                                  (5) 

The preceding S’ columns of unitarity matrix s
SSU  are constructed from the orthonormal eigenvectors 

of matrix 1
SSR associated with the S’ ≤ S positive eigenvalues in a descending order: 

0... '21
s
S

ss                                     (6) 
Similarly, to find the unitarity matrix m

MMU , an M × (SN) matrix 2
)(SNMH  is constructed. The rows 

of 2
)(SNMH represent the mean-subtracted HRTFs at different directions, and the columns of 2

)(SNMH  
represent the mean-subtracted HRTFs for different subjects and at various frequencies. An M×M 
Hermitian matrix 2

MMR is constructed from 2
)(SNMH as, 

2
)(

2
)(

2 1
MSNSNMMM SN

HHR                                  (7) 

The preceding M’ columns of unitarity matrix m
MMU  are constructed from the orthonormal 

eigenvectors of matrix 2
MMR associated with the M’ ≤ M positive eigenvalues in a descending order. 

Finally, to find the unitarity matrix n
NNU , an N × (SM) matrix 3

)(SMNH  is constructed. The rows 
of 3

)(SMNH represent the mean-subtracted HRTFs at various frequencies, and the column of 3
)(SMNH

represents the mean-subtracted HRTFs for different subjects and at various directions. An N×N 
Hermitian matrix 3

NNR is constructed from 3
)(SMNH as, 

2
)(

3
)(

3 1
NSMSMNNN SM

HHR                                  (8) 

The preceding N’ columns of unitarity matrix n
NNU  are constructed from the orthonormal 

eigenvectors of matrix 3
NNR associated with the N’ ≤ N positive eigenvalues in a descending order. 

Once the three unitarity matrixes are found, using the orthonormal properties of Eq.(3), the core 
tensor for decomposition is calculated by: 

' s m n
S M N S M N s S S m M M n N NW H U U U                          (9) 

or  
S

s

M

m

N

n

n
nn

m
m m

s
sssmnnms UUUHW

1 1 1

*
'

*
'

*
'''' '                             (10)   

The superscript “*” denotes complex conjugation. 
The nature of tensor decomposition in Eq.(2) is to decompose the mean-subtracted HRTFs into a 

combination of modes of independent variables. The preceding S’ columns of matrix s
SSU represent 

S’ ≤ S subject-related modes, each row of matrix s
SSU represents a specified subject. The preceding 

M’ columns of matrix m
MMU  represent M’ ≤ M direction-related modes, each row of matrix m

MMU
represents a specified direction. The preceding N’ columns of matrix n

NNU   represent N’ ≤ N 
frequency-related modes, each row of matrix m

NNU represents a specified frequency. The orthogonal 
condition given by Eq.(3) indicates that each mode is independent. In addition, the core tensor 

NMSW  is only relevant to the modes of subject, direction and frequency, but independent from the 
variations of direction, frequency and subject.  

When the mean-subtracted HRTFs are approximately reconstructed from the modes or eigenvectors 
associated with the preceding eigenvalues the columns or modes of matrixes s

SSU , m
MMU  and n

NNU  

are truncated to S” < S’ ≤ S, M” < M’ ≤ M, and N” < N’ ≤ N, respectively, yielding S × S” matrix s
SS "Û , 

M × M” matrix m
MM "Û   and N × N” matrix n

NN "U  . Then, the mean-subtracted HRTFs can be 
approximated as: 

"""''""
ˆˆˆˆ'ˆ NN

n
nMM

m
mSS

s
sNMSNMS UUUWH                    (11) 
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Where """
ˆ

NMSW   is a 3-order core tensor with dimensionality of S” × M” × N”, which is also  
constructed from S× M × N tensor NMSW  by truncating it to corresponding dimensionality.  

Eq.(11) can also be written as: 

 
"

1'

"

1'

"

1'
'''''''ˆ

S

s

M

m

N

n

n
nn

m
m m

s
ssnmssm n UUUWH                             (12) 

To reconstruct the complete HRTFs, the mean in Eq.(1) should be supplemented into Eq.(11) or 
Eq.(12). 

Similar to the case of PCA (2, 5, 6), the cumulative percentage variance of the energy represented 
by the preceding modes is used to evaluate the accuracy or error in HRTF reconstruction. For subject-
related modes, it is calculated by corresponding eigenvalues:  

%100'

1

"

1
S

s
s

S

s
s

s
                                    (13) 

Similar equations are available to the direction-related and frequency-related modes, respectively. 
The error in reconstruction can also be evaluated by relative error er(s, m, n).   

)(
|),,(|

|),,(ˆ),,(|log10),,( 2

2

10 dB
nmsH

nmsHnmsHnmser                    (14) 

Where ),,( nmsH and ),,(ˆ nmsH are original and reconstructed HRTFs, respectively.  
It can also be evaluated by the mean relative error erav1(m, n) across subjects:  

S

s
av dBnmser

S
nmer

1
1 )(),,(1),(                             (15) 

and the mean relative error erav2 across subjects, directions and frequencies:  
S

s

M

m

N

N
av dBnmser

SMN
er

1 1 1
2 )(),,(1                          (16) 

3. HRTF data and pre-processing 
The aforementioned tensor decomposition method is applicable to complex-valued HRTFs, linear 

or logarithmic HRTF magnitudes or even head-related impulse responses (HRIRs) in the time domain. 
Here, the tensor decomposition method is applied to linear HRTF magnitudes. 

The measured HRTF database used for analysis contains 52 Chinese subjects (26 male and 26 
female) and 493 source directions at source distance of 1.5 m for each subject (11). The measured 
directions are uniformly distributed in each elevation. Table 1 lists the number of measured directions 
and azimuthal intervals in each elevation. The data are binaural HRIRs measured using the blocked -
ear-canal technique (12). The length of each HRIR is 512 points at the sampling frequency of 44.1 
kHz. 

Table 1 – Numbers and intervals of azimuthal HRIR measurement in each elevation 

Elevation Ф -30° -15° 0° 15° 30° 45° 60° 75° 90° 

Number of 

azimuthal 

measurement 

72 72 72 72 72 72 36 24 1 

Interval of azimuthal 

measurement Δθ 
5° 5° 5° 5° 5° 5° 10° 15° 360° 

 
The measured HRIRs are first padded zeros, and undergone discrete time Fourier transform (DFT), 

yielding HRTF magnitudes of 8192 points. To adapt the auditory resolution of frequency, the 8192 -
point HRTF magnitudes are smoothed above 500 Hz by using a moving frequency window with a 
bandwidth of 1 ERB (below 500 Hz, smoothing is not needed), yielding the 128-point HRTF 
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magnitude in the linear frequency scale. Due to the conjugate symmetry of HRTFs along discrete 
frequency axes, HRTF magnitudes at the preceding 42 discrete frequencies in the linear scale are used 
for the tensor decomposition. Preceding 42 discrete frequencies correspond to a frequency range from 
0 Hz to 14 kHz at a sampling frequency of 44.1 kHz and thus include most important localization cues 
and other perceivable attributes. Moreover, because the measured HRTFs exhibit larger measured 
error above 14 kHz, the data at this frequency range should not be included in the analysis.  

Therefore, aforementioned pre-processing yields a tensor of HRTF magnitudes for S = 52 subjects, 
M = 493 directions and N = 42 discrete frequencies, which is used as the original HRTF magnitudes 
for subsequent tensor decomposition. 

4. RESULTS 
Because the results of left-ear HRTFs and right-ear HRTFs are similar, the results of left-ear HRTFs 

are mainly discussed here. Table 2 lists the relationship between the cumulative percentage variance 
of energy (Var-s) and the number S” of subject-related modes (basis vectors). As seen, the Var-s 
increases with the number S” of modes. The first mode accounts for nearly 80% of the subject-related 
variance. Therefore, there exists basic similarity among the HRTF magnitudes of different subjects. 
The contributions of other modes descend with the order. The preceding 7 and 17 modes account for 
approximately 90 % and 95 % of subject-related variation, respectively. 
Table 2 – Cumulative percentage variance of energy for various numbers of subject-related modes (left-ear 

HRTFs) 

S” 1 2 4 7 17 31 39 

Var-s (%) 79.7  82.4  86.9  90.2  95.2  98.1  99.1  
 
Similarly, Table 3 lists the relationship between the cumulative percentage variance of energy (Var-

m) and the number M” of subject-related modes. Var-m also increases with the number M” of modes. 
The first mode accounts for nearly 70% of the direction-related variance. Therefore, there exists basic 
similarity among the HRTF magnitudes of different directions. The contribu tions of other modes 
descend with the order. The preceding 6 and 13 modes account for approximate 90 % and 95 % of 
directions-related variation, respectively. 
Table 3 – Cumulative percentage variance of energy for various numbers of direction-related modes (left-

ear HRTFs) 

M” 1 3 4 6 13 28 49 

Var-m(%) 69.5  81.3  85.9  90.1  95.3  98.1  99.0  
 

Table 4 lists the relationship between the cumulative percentage variance of energy (Var-n) and the 
number N” of frequency-related modes. Var-n also increases with the number N” of modes. The first 
mode accounts for approximate 73% of the frequency-related variance. Therefore, there exists 
correlation among the HRTF magnitudes of different frequencies. The contributions of other modes 
descend with the order. The preceding 4 and 7 modes account for approximate 90 % and 95 % 
directions-related variation, respectively. 
Table 4 – Cumulative percentage variance of energy for various numbers of frequency-related modes (left-

ear HRTFs) 

N” 1 2 3 4 7 12 16 

Var-n(%) 73.3  80.9  87.1  90.2  95.4  98.1  99.1  
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Figure1 – Mean erav1(m, n) across subjects for the left-ear HRTF magnitudes in the horizontal plane 

Calculations indicate that, for construction with S” = 17 subjected-related modes, the mean relative 
error erav2 across subjects, directions and frequencies in Eq. (16) are -14.5 dB for the left-ear HRTF 
magnitudes and -13.6 dB for the right-ear HRTF magnitudes. In most cases, the mean relative error 
erav1(m, n) across subjects is less than -10 dB, which is basically sufficient for the HRTF reconstruction. 
Errors mainly occur at high frequencies and source directions contralateral to the ear. Actually, the 
attenuation and interference caused by head shadow reduce the contralateral HRTF magnitudes 
(therefore reduce the signal-to-noise ratio) and make them variate complicatedly at high frequency, 
which makes the reconstruction of contralateral HRTF magnitudes difficult. However, the 
contributions of contralateral HRTFs to localization are less than those of ipsilateral HRTFs (13), the 
errors in contralateral HRTF reconstruction are not so significant as those of ipsilateral HRTFs.  

As an example, Figure 1 illustrate the mean relative error erav1(m, n) across subjects for the left-
ear HRTF magnitudes in 72 horizontal direction (Ф = 0°) and up to frequency of 14 kHz. Calculation 
from the results in Figure 1 indicate that the mean erav1(m, n) across frequencies are -19.1 dB at the 
ipsilateral direction (θ = 265°, Ф = 0°) and -5.1 dB at the contralateral direction (θ = 85º, Ф = 0°). 

5. Discussion 
The results in Section 4 indicate that 4 and 7 frequency-related modes are needed to represent 90 % 

and 95 % frequency-related variation of HRTF magnitudes, respectively; 6 and 13 direction-related 
modes are needed to represent 90 % and 95 % directions-related variation of HRTF magnitudes. 
Kistler and Wightman applied PCA to the logarithmic HRTF magnitudes of two ears for S = 10 human 
subjects at M = 265 directions and N = 150 discrete frequencies (ranging from 0.2 to 15 kHz). The 
results indicated that 5 spectral shape basis functions or frequency-related modes were needed to 
represent 90% frequency-related variation in logarithmic HRTF magnitudes (6). Xie applied spatial 
principal component analysis (SPCA) to the HRTF magnitudes of two ears for S = 52 human subjects 
at M = 493 source directions and N = 59 discrete frequencies (from DC to 20 kHz) (5). The results 
indicated that 16 spatial basis functions (direction-related modes) were needed to represent more than 
95 % direction-related variation in HRTF magnitudes. Therefore, the results in present work are 
comparable to previous works. 

Xie et al. analyzed the correlations among HRTF magnitudes of different subjects and applied a 
cluster analysis to them (14). The HRTF magnitudes used in that analysis were identical to those used 
in present work. The results indicated that HRTF magnitudes for most of 52 subjects could be 
classified into seven clusters. Some singleton clusters were also observed on a few subjects, which 
reflected the diversity in individualized HRTF magnitudes. The results in Section 4 also indicate that 
7 subject-related modes are needed to represent 90 % subject-related variations in HRTF magnitudes. 
To represent the diversity in HRTF magnitudes more accurately, more subject-related modes are 
needed. For example, 17 subject-related modes are needed to represent 95 % subject-related variations 
in HRTF magnitudes. Therefore, the results of subject-related modes analysis in present work are also 
comparable to previous works. 

It should be noted that the subject-related variations of HRTF magnitudes from a Chinese-based 
database are analyzed in present work. Due to the statistical difference among the HRTF magnitud es 
of different nationalities (such as Chinese and western subjects), it is expected that more subject -
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related modes are needed to represent the diversity of HRTF database including subjects of multiple 
nationalities. From this point of view, it is beneficial to analyze the subject-related modes for the 
HRTFs of each special nationality separately.  

In anthropometry-based HRTF customization, individualized HRTFs are approximately estimated 
from anthropometric measurements by linear or nonlinear mapping technique (2, 4). The mapping 
methods are derived from the statistical analysis on a baseline HRTF and anthropometric measurement 
database with sufficient number of samples. To make the mapping efficiently, decomposition and  
dimensionality reduction of HRTFs are needed. Because 17 subject-related modes are needed to 
represent 95 % subject-related variations in HRTF magnitudes, it is deduced that 17 anthropometric 
parameters at least are needed for the mapping in anthropometry-based HRTF customization. Grindlay 
and Vasilescu suggested a tensor decomposition of HRTFs and anthropometry-based HRTF 
customization method (9). They chose 5 subject-related modes to represent the subject-related 
variations in HRTF, which seems not enough. 

6. CONCLUSIONS 
Far-field HRTFs vary with subject, direction and frequency. Tensor decomposition is an effect tool 

for analyzing the independent modes of HRTF variation and reducing the dimensionality of HRTFs. 
Analysis on the HRTF magnitudes of 52 Chinese subjects, 493 directions and up to a frequency of 14 
kHz indicates that 17 subject-related modes, 13 directional-related modes and 7 frequency-related 
modes account for more than 95% variations of HRTFs at corresponding dimension respectively. The 
reconstructed individualized HRTF magnitudes from 17 subject-related modes exhibit a reasonable 
accuracy but some errors occur at high-frequency above 10 kHz and source direction contralateral to 
ear. Based on the results, it is also deduced that 17 anthropometric  parameters at least are needed for 
the anthropometry-based HRTF customization, and the number of anthropometric parameters used for 
HRTF customization in some previous was insufficient. The future works include HRTF customization, 
simplifying HRTF data and signal processing in virtual auditory display using tensor decomposition.  
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Abstract
Subjective evaluations of noise by children and its effect on their learning abilities are a current research topic.
Studies in this field often make use of virtual acoustic scenarios to be able to present a controlled acoustic
environment in which to conduct the experiments. The presentation of realistic acoustic scenes requires a set
of Head-Related Transfer Functions (HRTFs) that in the best case is the subject’s individual HRTF, or matches
it as closely as possible. However in most cases only a generic HRTF from an artificial head is available.
This leads to perceptive deviations in location, coloration and reduces the immersion in the presented scene.
Previous studies have shown, that anthropometric parameters, and by inference HRTFs differ especially for
younger children compared to adults. In this study, individual high-resolution HRTF datasets as well as head
and torso geometries of 26 children (ages 5-9 years) have been measured using a fast HRTF measurement
system and a structured light 3D Scanner. The HRTFs are compared to those from adults and an artificial head
to objectively evaluate their similarities and differences. The results indicate, that even though anthropometric
geometries increase significantly in size with age, both children and adults show similar differences compared
to an artificial head. Keywords: children HRTF, binaural hearing

1 INTRODUCTION
The influence of auditory distractions or background noise on the behavior and learning capabilities of chil-
dren is an ongoing topic of interest. Studies like [1] utilize 3D virtual acoustic scenes, often presented over
headphones using binaural technology, to create a controlled acoustic environment. This method of presentation
requires a set of head-related transfer functions (HRTFs) which are highly subject specific. Even though other
means of sound reproduction, with array based systems like Ambisonics, VBAP or sound field synthesis tech-
niques, that do not rely on HRTF data, exist, headphone-based reproduction methods are often preferred due to
the much reduced hardware effort.
While different methods of individualizing HRTFs [2, 3] are the topic of past and ongoing research, using
an artificial head measurement remains the HRTF dataset of choice, due to the broad unavailability of HRTF
measurement systems. While the accuracy of HRTF reproduction using artificial heads has been evaluated for
adults, its applicability to children, with smaller anthropometric dimensions, has not yet seen such an in depth
evaluation. It is known from earlier studies by Fels [4, 5], that HRTFs from children differ significantly from
adults. In addition, studies by Prodi et al. [6] show differences in the inter-aural cross correlation (IACC) and
speech transmission index (STI) when using different artificial heads (children vs. adult) in room acoustic mea-
surements
There are many aspects concerning the quality of a reproduction system using non-individual HRTFs, such as its
spectral coloration, apparent source width and distance or localization (in-)accuracy. While the localization ac-
curacy in the horizontal plane is primarily influenced by the inter-aural time difference (ITD) and the inter-aural
level differences (ILD) [7], the elevation accuracy dominated to monaural cues, meaning direction and subject
specific peaks and notches in the spectrum of a sound event reaching the ear drum. These monaural cues are
caused by the subject specific shape of the outer ear, which exhibits characteristic resonances that change in fre-
quency and magnitude depending on the direction of incidence. Baumgartner [8] published a prediction model,
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based on spectral gradient extraction, that allows an objective prediction of localization accuracy in the sagittal
plane when listening with a foreign pair of ears as captured for instance by a artificial head HRTF.

2 DATA ACQUISITION
To obtain children HRTF datasets, 26 children, ages 5 to 9 were invited to the hemi-anechoic chamber at the
Institute of Technical Acoustics in Aachen, where the fast HRTF measurement system, evaluated by Richter
et. al. [9] was used to measure 5 x 2.5 degree (azimuth x elevation) resolution HRTFs of the children. The
measurement system consists of 64 loudspeakers placed at 2.5 degree increments on a circular arc with a
radius of 1.2 m from ≈ 0 to 160 degree zenith angle. The arc is anchored at the top, where a silent stepper
motor can rotate the arc 360 degrees in azimuth around a subject placed in its center. During the measurement
procedure, the children were seated on a variable height chair, such that their head was centered in the sphere
created by the rotating measurement-arc with their ear canal entrances located in its vertical center at 2 m
high. A variable head rest was used to align the front back and left to right directions. To reduce chances of
injury by falling, a seatbelt was attached to the chair which was closed during the measurement. In addition
a parent was allowed inside the hemi-anechoic chamber outside the critical radius of the measurement arc.
The critical radius is defined by the distance between the lowest speaker and reflecting floor, which causes
the first reflection that has to be time windowed in post processing. Any later reflections from equipment
and persons inside the measurement room will thus be removed as well. The whole measurement process took
approximately 3 minutes using a continuously moving measurement arc that rotates around the measured subject
while playing back interleaved sweep signals [10]. To further reduce movement of the childrens’ heads during
the measurement process, a LCD screen was set up at head height displaying muted TV show clips to give
the children a visual target, which they are interested in looking at. The clips were chosen from shows, that
are age appropriate and don’t contain dialog or other important auditory content so that the lack of sound was
not disturbing to the children. Additionally overly humorous content was avoided to prevent disturbances in
the measurements due to laughter. The children were instructed to remain quiet and still for the duration of
measurement, but that they should indicate any signs of discomfort to their parent or experiment supervisor
present in the room.
In addition to the HRTF measurement, a high resolution 3D-scan of the the children’s head and upper torso
was captured using a structured light scanner (Space Spider by Artec 3D).

3 OBJECTIVE DIFFERENCES
3.1 Horizontal Plane
Auditory localization tasks in the horizontal plane mainly rely on the binaural cues, namely the ILD and ITD
[7]. The ITD in particular is highly dependent on the circumference of the head, which can grow by up to 10
cm from age 5 to adulthood [12]. The maximum ITD averaged across the 26 child datasets is 615 µs whilst the
average adult ITD according to Fels [4] is in the range of 800 µs, with the ITA artificial head1 [13] splitting
the difference with an maximum ITD of 723 µs.
The just noticeable differences in ITDs has been found by Aussal et al. [14] to be 16µs while Bomhardt [15]
reported results in the range of 30 to 80 µs, depending on the angle of incidence with regard to the observed
sound event.
This means that while there are significant and noticeable difference between children and adults, when listening
through the ears of an artificial head, they both exhibit similar difference magnitudes, be it with an inverted sign.
This is due to the fact, that the anthropometric dimensions of a artificial head are generally smaller than the
typical European average, with the ITA artificial residing on the larger side compared to other representatives
such as the KEMAR or B&K Type 4128 head and torso simulator.

1ITA artificial head dataset available at: http://www.akustik.rwth-aachen.de/go/id/pein/lidx/1
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3.2 Elevation localization
The localization performance in the sagittal plane is evaluated using the probabilistic localization model by
Baumgartner et al. [8], available as part of the Auditory Modeling Toolbox [16]. The subject specific parameter
apart from the HRTF data, such as the listener-specific sensitivity, were left at default values for the prediction.
As a target HRTF, the ITA artificial head HRTF was used. The adult datasets evaluated in the same way are
available from the ITA individual HRTF database 2 [17].
Figures 1 and 2 show examples of prediction results in the sagittal plane for a child and adult participant re-
spectively. Figure 3 shows a typical result of miss-matched HRTFs, predicting a low localization performance.
While some children show similar results to the ones shown in Figure 1, many exhibit significantly worse per-
formance. The resulting polar error rates range from 18% to 60% with quadrant error rates between 10% and
44%, with averages of 40% and 18% respectively. This shows, that while the model predicts a good localization
performance for some children, for many, the localization performance is predicted suffer when using a artificial
head HRTF. These resulting error magnitudes are comparable to those of adults using non-individualized HRTFs
reported by Baumgartner [8].

Figure 1. Predicted response likelihood in the
sagittal plane for child 6 when using the ITA arti-
ficial head HRTF

Figure 2. Predicted response likelihood in the
sagittal plane for adult 25 when using the ITA ar-
tificial head HRTF

4 SUMMARY AND OUTLOOK
In order to investigate objective differences in head-related transfer functions of children and adults, HRTF
datasets of 26 first and second grade children were measured using the continuous fast measurement method.
As objective measures, ITD differences, as a main binaural cue for localizing sound sources in the horizontal
plane, and predicted localization performance in the sagittal plane according to the model by Baumgartner et
al. were evaluated. An artificial head was chosen as a reference HRTF, as it is often used instead of the indi-
vidually measured HRTF in listening tests. In terms of ITD, the differences compared to the artificial head are
about the same in magnitude, with children ITDs being smaller and adult ITDs being larger according to their

2ITA individual HRTF database available at: http://www.akustik.rwth-aachen.de/go/id/lsly/lidx/1
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Figure 3. Predicted response likelihood in the sagittal
plane for child 5 as an example of poor localization per-
formance using the artificial head HRTF

respective head sizes. The sagittal plane localization performance also yielded similar error magnitudes for the
children using an artificial head compared to adults using non-individualized HRTFs. These results suggest that
children can hear worse when listening through the ears of an artificial head. However, there are still issues
concerning the accuracy of the HRTF datasets, which may skew the results.
It is unlikely that children will sit still during a 3 minute measurement. Thus, even though measures were
taken to reduce movement, the HRTF data still contains position uncertainties due to increased head movements
compared to measurements of adult subjects. One way to reduce these artifacts is to compensate for the tracked
head movement in post processing, which can however result in additional artifacts of its own from the new
post-processing overhead. A different approach is to use the 3D scans acquired from the same children to cal-
culate an HRTF dataset using the boundary element method and have them undergo a similar analysis in future
works.
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ABSTRACT 
In dynamic virtual auditory display, free-field virtual source at various directions and distances is 
conventionally realized by filtering the input stimulus with near-field HRTFs. However, this conventional 
method meets with some problems in practical use, due to the difficulty in acquiring near-field HRTFs and 
requiring a large memory to storage them. In present work, a scheme for rendering virtual source at various 
distances using binaural near-field compensated Ambisonics with appropriate order is proposed. Based on 
the principle of spherical Bessel and harmonics decomposition of sound field, the directional and distance 
information of sound field is first encoded into Ambisonics signals and then converted to headphone signals 
by dynamic binaural synthesis using far-field HRTFs only. It is proved that the 5th order dynamic binaural 
Ambisonics with 36-64 pairs of HRTF-based filters is able to recreate desired binaural pressures for various 
source directions and distances up to 2 – 3 kHz, covering the frequency range for ITD (and its dynamic 
variation) as well as low-frequency ILD as directional and distance localization cues, respectively. A 
psychoacoustic experiment validates that the proposed scheme is able to recreate appropriate distances 
localization perception outside the median plane. 
 
Keywords: Binaural Ambisonics, HRTF, Virtual auditory display 

1. INTRODUCTION 
Dynamic virtual auditory display (VAD) is a spatial sound technique which aims to recreate the 

perception of virtual sources and other spatial auditory events in headphone rendering. With the recent 
development of virtual reality and extending applications of dynamic VAD, rendering virtual sources 
at various directions and distances is desired.  

Actually, auditory directional localization is the comprehensive consequence of multiple cues (1,2). 
Interaural time difference (ITD), interaural level difference (ILD), the spectral cue at high frequency, 
the dynamic cue caused by head turning are responsible for directional localization in the free-field.  

Auditory distance perception is also the comprehensive consequence of multiple cues, but is more 
complex than directional localization(1-3). In the free-field, distance-dependent pressure (1/r law) or 
loudness is a relative distance cue. Outside the median plane and at the near-field distance (less than 
1.0 m), the distance-dependent ILD at low frequency and distance-dependent spectral cue caused by 
the diffraction of head are absolute distance cues. Moreover, high-frequency attenuation caused by air 
absorption is also a weak distance cue. In reflective room, the energy ratio of direct and reflected 
sound is an effective distance cue.  

Binaural pressures and their variation caused by head turning include the aforementioned 
localization cues. In the free-field, the binaural pressures are determined by a pair of head-related 
transfer functions (HRTFs)(1). Generally, HRTFs vary with frequency, source direction and distance. 
They also depend on individual. At the far-field distance (large than 1.0 m), the HRTFs are 
asymptotically independent of distance. 

By duplicating the binaural pressures and their variation caused by head turning in a real sound 
field, a dynamic VAD recreates localization information and then perception of virtual source 
localization in headphone rendering. Of course, the aforementioned directional and distance 
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information provided by binaural pressures (signals) are somewhat redundant. When some cue s are 
absent, remaining cues may still enable localization to some extent. This feature is applicable to 
simplify the scheme of VAD.  

The scheme for rendering free-field virtual source at far-field distance and various directions in 
dynamic VAD are relatively mature. It can be supplemented by far-field HRTF-based filtering and 
constantly updating the HRTF data according to the temporary head position detected by head tracker 
(1). Many far-field HRTFs database are available and various high-efficient schemes for rendering 
virtual sources at various directions have been developed. 

In contrast, the schemes for rendering virtual sources at various distances in VAD are limited. The 
distance perception in reflective field is often simulated by controlling the ratio of direct/reflective 
energy in headphone rendering. But the accuracy of this method is limited. A conventional scheme for 
recreating free-field virtual source is supplemented by filtering the input stimulus with a pair of 
near-field HRTFs and implementing the distance-related attenuation and linear delay, and constantly 
updating the HRTF data according to the temporary head position detect by head tracker (4). However, 
this scheme suffers from following problems. 

(1) Near-field HRTF database include HRTFs at various directions and distances. Due to the 
difficulties in measurement, there are scarce near-field HRTF database available(5,6).  

(2) Although a method for estimating near-field HRTFs on the basis of far-field measurement  was 
suggested (7), but it requires a far-field HRTF database with high directional resolution (1000 - 
2000 measured directions). In addition, the scheme for estimation is too complicated to be 
implemented in real time.  

(3) The dimensionality of a full set of near-field HRTFs, whether they come from measurement or 
estimation, is enormous. A large memory capacity is required to storage the data. This may be 
difficulty in some practical uses, such as mobile devices.  

(4) Dynamic VAD requires to update the HRTFs filters constantly according to the temporary position 
of target virtual source with respect to head. Inappropriate updating scheme are liable to cause 
audible artifact in reproduction (1). 

Binaural Ambisonics is another scheme for synthesis binaural signals in dynamic VAD (8). By 
combining the principle of spherical harmonics decomposition of target sound field and HRTF- 
based filtering, binaural Ambisonics has been used to render far-field virtual source at various 
directions. One advantage of binaural Ambisonics is that it avoids the audible arti fact caused by 
updating HRTFs. 

In present work, a binaural Ambisonics-based scheme for rendering virtual source at various 
directions distances is proposed. It overcomes the aforementioned problems in conventional scheme.  

2. CONVENTIONAL BINAURAL RENDERING SCHEME 
Spatial position is specified by distance 0 ≤ r < ∞, azimuth 0º ≤ θ < 360º and elevation -90º ≤  ≤90º. 

Where  = -90°, 0° and 90° represents the bottom, horizontal and top direction, respectively; in the 
horizontal plane, θ = 0°, 90° and 180° represents the front, right and back direction, respectively.  

In conventional scheme, to rendering a free-field virtual source at position (rS, ΩS) = (rS, θS, S), binaural 
signals are recreated by filtering the input stimulus Ein(f) with a pair of near-field HRTFs, and then 
supplementing the distance-related attenuation and linear delay: 

1( , , ) ( , , )exp( 2 / ) ( )
4S S S S S in

S

E r Ω f H r Ω f j f r c E f
r

               (1) 

Where α = L or R denotes the left or right ear, respectively; Hα (rS, ΩS, f) are HRTFs at the corresponding 
position; f is frequency; and c = 343 m/s is the speed of sound.  

In dynamic reproduction, the HRTFs in Eq.(1) are updated constantly. 

3. BINAURAL AMBISONICS SCHEME FOR RENDERING VIRTUAL SOURCE AT 
VARIOUS DISTANCES 

Ambisonics is a series of flexible spatial sound reproduction system originally designed for 
loudspeaker reproduction. Based on spatial harmonics decomposition and each order approximation 
of sound field, near-field compensation high-order Ambisonics (NFC-HOA) is able to virtual source 
at various distances in loudspeakers reproduction (9). 

Suppose that M loudspeakers are arranged in a spherical surface with radius r0. The position of the i th 
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loudspeaker is (r0, Ωi). To create the virtual source at position (rS, ΩS), the loudspeaker signals for the (L-1) 
order NFC-HOA are given by 

[ ] NFCDE S                                (2) 
Where E is an M × 1 column matrix or vector of loudspeaker signals: 

1 2[ , ,.... ]T
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SNFC is an L2 × 1 column matrix or vector of encoding signals: 
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(1) ( )lm SY Ω and (2) ( )lm SY Ω with l = 0,1,…(L-1) and m = 0,1…l are the real-valued spherical harmonics 
functions; hl(krS) and hl(kr0) are spherical Hankel function of the second kind.  

[D] is an M × L2 decoding matrix. When the number of loudspeakers satisfies:  
2LM                                      (5) 

Matrix [D] can be found from the pseudoinverse solution of L2 × M matrix [Y] with its entries being the 
spherical harmonics components of loudspeaker directions: 
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[D] is only relevant to the directions of M loudspeakers and independent from the target source position. 
And Eq.(5) is the minimal number of loudspeakers required for (L-1) order NFC-HOA. 

In addition, given the radius rH of a spherical region, an (L-1) order NFC-HOA is able to reconstruct 
target sound field within some frequency range. The upper frequency limit can be estimated by (9)   

max
( 1)

exp(1) H

L cf f
r

                                (8) 

The upper frequency limit increases with the order. 
In binaural NFC-HOA scheme (BNFC-HOA), the signals in Eq.(2) are converted into binaural signals 

for headphone rendering by filtering the each loudspeaker signal with a pair of HRTFs of corresponding 
loudspeaker position, supplementing the distance-related attenuation and linear delay of each loudspeakers 
and the summing up them: 
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In other words, the NFC-HOA signals are reproduced by M virtual loudspeakers created by HRTF-based 
binaural synthesis. The upper frequency limit of accurately reconstruct binaural pressures in BNFC-HOA 
rendering can be evaluated by letting the rH in Eq.(8) be the mean radius 0.0875 m of human head.      

To summarize, the BNFC-HOA scheme includes following steps: 
(1) For a target virtual source at position (rS, ΩS), create the NFC-HOA encoding signals SNFC 

according to Eq.(4). 
(2) Given the arrangement of M virtual loudspeakers, the encoding signals SNFC are decoded into M 

loudspeakers signals according to Eq.(2) and Eq.(6). 
(3) The M loudspeaker signals are converted into binaural signals according to Eq.(9) and the rendered 

by headphone. 
(4) When the listener’s head turns, or the position of target source changes, the direction of target 

source with respect to head changes. Update the encoding signals SNFC according to the temporary 
direction of target source with respect to head.       

Compared with the conventional scheme outlined in the Sec.2, the BNFC-HOA scheme has following 
advantages: 

(1) The HRTF-based filters in Eq.(9) are independent of target source position with respect to head. 
They only require the far-field HRTFs at a constant loudspeaker distance r0 rather than the 
near-field HRTFs at various distances.   

(2) The position information of target source with respect to head is included in the encoding signals 
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SNFC. For dynamic binaural synthesis, when the head turns or the position of target source changes, 
it is only required to update the encoding signals SNFC, avoiding the audible artifacts caused by 
updating the HRTF filters.   

On the other hand, it can be estimated from Eq.(8) that an 44 order BNFC-HOA and 2025 virtual 
loudspeakers at least are needed to reconstruct binaural signals accurately up to 20 kHz. Accordingly, 2025 
pair of HRTF-based filters are needed to implement the signal processing in Eq.(9). Such a large number of 
filters make the signal processing difficult. However, the localization information included in the binaural 
signals is somewhat redundant. If the BNFC-HOA can be simplified to an appropriate order but it is still 
able to provide enough information for directional and distance localization, the problem is solved. The 
order will be selected by psychoacoustic experiment and analysis. 

4. BINAURAL PRESSURE ERROR IN BNFC-HOA  
The upper frequency limit of BNFC-HOA can be approximately estimated from Eq.(8). A more strict 

method for evaluating BNFC-HOA is analyzing the error of complex-valued binaural pressures (signals) 
2
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Where Eα(rS, ΩS, f) and E’α(rS, ΩS, f) are target binaural pressures (signals) and binaural pressures in 
BNFC-HOA rendering, and given by Eq.(1) and Eq.(9), respectively.  

To evaluate the influence of BNFC-HOA order on the binaural pressures error, Figure.1 plots the 
pressure error of the left and right ear for the (L-1) = 3 and 5 order BNFC-HOA. The target source locates 
at distance of rS = 0.25 m and lateral direction of ΩS = (θS, S) = (90º, 0º) in the horizontal plane. For the 
(L-1) order rendering, M = (L+1)2 virtual loudspeakers are arranged uniformly on a spherical surface with 
radius r0 = 1.0 m. The HRTFs used are obtained by 3D-laser-scanned model of KEMAR artificial head 
and BEM-based calculation (10). The sample frequency and length of HRTFs are 44.1 kHz and 512 
points, respectively. The upper frequencies evaluated from Eq.(8) are also plotted in the figure. 

 
(a) The 3 order                    (b) The 5 order 

Figure 1 – Error of complex-valued binaural pressures for target source 
 distance rS = 0.25 m and direction ΩS = (θS, S) = (90º, 0º) 

It is observed that  
(1) Below the upper frequency limit, the error for the pressure at right ear (ipsilateral to target source) 

is generally small (less than -10 dB). The error for the left ear (contralateral to the target source) is 
larger than that of right ear but is still small. This is due to the fact that the diffraction of sound 
wave by head makes the pressure spectra at the contralateral ear    complex and difficult to be 
reconstructed.  

(2) Above the upper frequency limit, the errors increases obviously, with maximum reaching 8 dB ~ 
12 dB for the right ear and 35 dB for the left ear.  

(3) The upper frequency limit increases with order. However, even for the 5 BNFC-HOA, it is only 
able to reconstruct binaural pressures accurately below the upper frequency limit of 2.3 kHz.  

The aforementioned case of rS = 0.25 m, ΩS = (θS, S) = (90º, 0º) is the worst case. It can be proved that 
the error reduces when the target source distance increases, or target source deviates from the horizontal 
lateral direction to the front (back) or high (low) elevation.  
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5.  VIRTUAL SOURCE LOCALIZATION EXPERIMENT 

5.1 Method 
A virtual source localization experiment was conducted to examine the effect of BNFC-HOA order to 

directional and distance localization. According to the analysis in Sec.3, the (L-1) = 3 and 5 order 
BNFC-HOA with (L+1)2 = 25 and 49 virtual loudspeakers were examined. For comparison, the binaural 
rendering with conventional method described in Sec. 2 was also examined. Therefore, there were three 
schemes in total to be examined. 

All three schemes were implemented in a dynamic VAD. The dynamic VAD was based on a PC with a 
Windows platform and software written in C++ language. An electromagnetic head tracker (Polhemus 
FASTRAK) detected the orientation of the subject’s head. It was able to detect the head turning in three 
degrees of freedom, including turning around the left-right axes (pitch), around the front-back axes (tilting 
or rolling), and around the up-down axes (rotation or yaw). According to the position of the target source 
relative to the temporary orientation of the subject’s head, the PC synthesized binaural signals according to 
the schemes described in Sec.1 and 2. The HRTFs used in binaural synthesis were identical to those used in 
Sec.4. The resultant binaural signals were rendered by an in-ear headphone (Etymotic Research ER-2). 
Because the ER-2 headphone exhibits a flat magnitude response measured at the end of an occluded-ear 
simulator, the equalization of the headphone to eardrum transmission was omitted. The details of the 
dynamic VAD used in the experiment are referred to (11). The update rate and system latency time of the 
VAD were 60 Hz and 25.4 ms, respectively. 

Two stimuli with different bandwidths were used in the experiment, including pink noise with full 
audible bandwidth and low-pass filtered pink noise with cut off frequency fmax.H given by Eq.(8). Due to the 
left-right symmetry, five horizontal target source directions withθS = 0, 45°, 90°, 135° ,and 180° were tested. 
For each target direction, there were six target source distances at rS = 0.25, 0.3, 0.4, 0.5, 0.75 and 1.0 m. To 
test the ability of the schemes in the reconstruction of binaural distance cues, the binaural signals given by 
Eq.(1) and Eq.(8) are equalized (divided) by a factor 1/ rS to exclude the distance-related loudness cue.  

The experiment was conducted in a sound-proof listening room where the level of background noise 
was less than 30 dBA. Binaural signals were presented at a sound pressure level equivalent to a free-field 
presentation of approximately 75 dB. Eight subjects participated in the experiment. The subjects were from 
23 to 30 years old and had normal hearing.  

During the experiment, subjects judged the perceived virtual source direction and distance and reported 
using an electromagnetic tracker (Polhemus FASTRAK). The tracker included two receivers. One receiver 
was fixed on the subject’s head surface to monitor the position and orientation of the head. Another receiver 
was fixed at one end of a wooden rod. The subject pointed the rod at the position of the perceived virtual 
source and a computer recorded the result. The binaural signals for each case were played twice. Therefore, 
there were 8 subjects × 2 repetitions = 16 judgments in each case. And the binaural signals for all cases and 
repetitions were played in a random order. During the experiment, subjects were encouraged to turn their 
head. 

Statistical analysis is applied to the raw experimental results. In each case (each scheme,  stimulus, 
target position), mean angular error between the perceived and target angles across judgments is used to 
evaluate the perceived directional error in rendering: 

1

1 | arccos[ ( ) ]
N

n
n

N I Sr r                             (11) 

Where rS is the unit vector from the origin to the target direction. rI (n) is the unit vector from the origin to 
the n th judgment. The dot denotes the scalar multiplication of two vectors. N is the total number of 
judgments. If reversal errors (front-back or up-down confusion) occur in the raw localization results, 
reversal is resolved through spatial reflection and the percentage of confusion is calculated.   

The mean perceived distance across judgments is used to evaluate performance of distance localization: 
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                                  (12) 

Where rI (n) is the perceived distance of the nth judgment. 
In addition, ANOVA is also applied to the raw data. 
 

5.2 Experiment results 
No reversal errors occur in all raw localization results. This is due to the fact that dynamic cue 
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caused by head turning was included in the rendering. Dynamic cues deleted the reversal errors in 
localization.  

For all three schemes with 1/ rS equalization, and two signal bandwidths, all target distances and 
directions, the mean angular errors are less than 18.8°. Larger mean angular errors usually occur for 
proximal target distance. As target distance increases, the mean angular errors generally reduce. For 
example, in the case of conventional scheme with full bandwidth pink noise and target azimuthθS = 
90º, the mean angular errors are 17.7º for rS = 0.25 m and 12.2º for rS = 1.00 m. This is due to the 
error in reporting the perceived directions using FASTRAK. At proximal distance, a small error in 
the position of the receiver of FASTRAK causes a larger error in reported angle. A multi -way 
ANOVA on the mean angular errors indicates that, at a significance level of 0.05, the effects of 
scheme, stimuli bandwidth and target direction are insignificant to the mean angular errors. 
Therefore, the 3 or 5 order BNFC-HOA yields directional localization performance similar to 
conventional scheme. This is consistent with previous experiment (12). For conciseness, the detail 
results and analysis of directional localization are omitted here.   

A multi-way ANOVA on the mean perceived distance indicates that, at a significance level of 0.05, 
the effect of stimuli bandwidth is insignificant; but the effect of scheme and target direction is 
significant.  

Figure.2 plots the mean perceived distance and corresponding standard deviation for conventional 
scheme with full audible bandwidth pink noise. For target direction at the front  θS = 0° and back θS = 
180°, conventional scheme is unable to create the perceived virtual source at various distance. 
However, for target direction at θS = 45°, 90°, 135° , especially at 90º, conventional scheme is able to 
create the perceived virtual source at various distances, although deviation between the mean 
perceived and target distances exists. This result is consistent with some previous experiments on 
distance perception for the real and virtual source under the free field condition (3). Actually, 
distance perception is biased. Under the free-field condition, if the distance-dependent loudness cue 
is excluded, distance perception in the median plane is difficult due to the constant ILD. While target 
source departs from the median plane, especially at the lateral direction, distance-dependent ILD 
provides information for distance perception. 

Figure.3 and Figure.4 plot the mean perceived distance and corresponding standard deviation for 
the 3 and 5 order BNFC-HOA, respectively, with full audible bandwidth pink noise. For the 3 order 
BNFC-HOA, the performance of perceived distance is unsatisfied. However, the 5 order BNFC-HOA 
yields distance perceived results similar to those of conventional scheme. The results of multi -way 
ANOVA indicate that, at a significance level of 0.05, the difference between the mean perceived 
distance of the 5 order BNFC-HOA and conventional scheme is insignificant.  

 

 

 
Figure 2 – Mean perceived distance and corresponding standard deviation  

for conventional scheme with full audible bandwidth pink noise 
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Figure 3 – Mean perceived distance and corresponding standard deviation 

for the 3 order BNFC-HOA with full audible bandwidth pink noise 
 

 

 
Figure 4 – Mean perceived distance and corresponding standard deviation 

for the 5 order BNFC-HOA with full audible bandwidth pink noise 

6. DISCUSSION 
The results in Sec.5 indicate that both the 3 and 5 order BNFC-HOA yield appropriate directional 

localization performance in the horizontal plane. Previous experiment also indicated that the 3 order 
dynamic binaural Ambisonics yields appropriate directional localization performance in other target 
direction (such as in the median plane)(12). Actually, it can be estimated from Eq.(17) that the 3 or 5-order 
BNFC-HOA are able to accurately reconstruct binaural pressures up to 1.4 kHz and 2.3 kHz, respectively, 
which basically or completely cover the frequency range (below 1.5 kHz) of ITD as a lateral localization 
cue as well as the dynamic variation of ITD as a vertical and front-back localization cue. Although the 3 or 
5-order BNFC-HOA are unable to provide accurate high-frequency spectral cue, the information provided 
by low-frequency ITD and its dynamic variation are basically enough for directional localization due to the 
redundancy in various directional localization cues.  

The results in Sec.5 also indicate that the 5-order BNFC-HOA yields appropriate distance perception 
performance. Actually, the 5-order BNFC-HOA are able to accurately reconstruct binaural pressures up to 
2.3 kHz, which approaches the frequency range (below 3.0 kHz) of ILD as distance perception cue.    

Therefore, according to the analysis and experimental results, a (L-1) = 5 order BNFC-HOA is 
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suggested for rendering virtual source at various directions and distances in the proposed scheme. 
Accordingly, M = L2 = 36, or a little bit more, M = (L+1)2 = 48 virtual loudspeakers (or pairs of 
HRTF-based filters) are needed in the scheme of Eq.(9). When one single virtual source is rendered, the 
scheme of Eq.(9) is more complicated than the conventional one in Eq.(1). However, when multiple virtual 
sources are rendered at the same time, such as in the case of virtual auditory environment where multiple 
sources for direct sound and image sources for reflections are rendered, the scheme of Eq.(9) is more 
effective than the conventional one. This is due to the fact that for the scheme of Eq.(9), multiple virtual 
sources share the same set of HRTF-based filters. The number of HRTF-based filters does not increase with 
the number of virtual sources.  

7. CONCLUSIONS 
A 5-order BNFC-HOA scheme is able to provide appropriate information for directional and 

distance localization, and therefore to recreate the directional and distance perception of free -field 
virtual source in dynamic virtual auditory display. The proposed scheme only requires the far-field 
HRTFs at 36 ~ 48 directions, rather than the near-field HRTFs or far-field HRTFs with high directional 
resolution. It also avoids the audible artifact caused by updating the HRTFs in dyna mic VAD with 
conventional scheme. The present work only deals with the localization performance of the proposed 
scheme. The future work will address the timbre problem. 

ACKNOWLEDGEMENTS 
This work was supported by the National Natural Science Foundation of China (11674105) and 

State Key Lab of Subtropical Building Science, South China University of Technology.  

REFERENCES 
1. Blauert J. Spatial hearing: the psychophysics of human sound localization. MIT press, 1997. 
2. Xie BS. Head-related transfer function and virtual auditory display. J Ross Publishing, 2013. 
3. Zahorik P, Brungart D S, Bronkhorst A W. Auditory distance perception in humans: A summary of past 

and present research. ACTA Acustica united with Acustica, 2005, 91(3): 409-420. 
4. Brungart D S. Near-field virtual audio displays. Presence: Teleoperators & Virtual Environments, 2002, 

11(1): 93-106.  
5. Qu T, Xiao Z, Gong M, et al. Distance-dependent head-related transfer functions measured with high 

spatial resolution using a spark gap. IEEE Transactions on Audio, Speech, and Language Processing, 
2009, 17(6): 1124-1132. 

6. Yu GZ, Wu RY, Liu Y, et al. Near-field head-related transfer-function measurement and database of 
human subjects. The Journal of the Acoustical Society of America, 2018, 143(3): EL194-EL198. 

7. Duraiswaini R, Zotkin D N, Gumerov N A. Interpolation and range extrapolation of HRTFs [head 
related transfer functions. IEEE International Conference on Acoustics, Speech, and Signal Processing. 
IEEE, 2004, 4: iv-iv. 

8. Jôt J M, Wardle S, Larcher V. Approaches to binaural synthesis. Audio Engineering Society Convention 
105. Audio Engineering Society, 1998. 

9. Daniel J, Moreau S. Further study of sound field coding with higher order ambisonics. Audio 
Engineering Society Convention 116. Audio Engineering Society, 2004.  

10. Rui YQ, Yu GZ, Xie BS, et al. Calculation of individualized near-field head-related transfer function 
database using boundary element method. Audio Engineering Society Convention 134. Audio 
Engineering Society, 2013. 

11. Zhang CY, Xie BS. Platform for dynamic virtual auditory environment real-time rendering system. 
Chinese Science Bulletin, 2013, 58(3): 316-327. 

12. Jiang JL. Research on binaural Ambisonics reproduction system, Doctor thesis of South China 
University of Technology, Guangzhou, China, 2019. 

5232



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Local Ambisonics panning method for creating virtual source in the 
median plane 

Kailing YI; Bosun XIE1 
1 Acoustic lab, School of Physics and Optoelectronics, South China University of Technology, Guangzhou, 510641, 

China 

ABSTRACT 
With the development of multichannel sound with height, it is desired to create virtual source in different 
vertical directions, especially in the frontal median plane. For this purpose, a local Ambisonics panning 
method is proposed. In a case of analysis, three loudspeakers are arranged in the frontal median plane, with 
one locating in the horizontal front and other two locating 30º ~ 45º above or below the horizontal plane, 
respectively. The signal amplitudes of loudspeakers are a linear combination of the zero order and first order 
harmonics of elevation angle. It is proved that, by properly choosing the weights of linear combination for 
each loudspeaker signals, the current method is able to create appropriate interaural time difference as well as 
its dynamic variation caused by head rotation and head tilting. Therefore, based on classical Wallach’s 
hypothesis and its modern validations, the current method is able to create appropriate dynamic cue for 
vertical localization in the median plane at low frequency. Results of psychoacoustic experiment indicate that 
the current method yield reasonable localization performance and is superior to traditional pair-wise 
amplitude panning. The method can also be extended to create virtual source in other vertical planes. 
 
Keywords: Median plane, Amplitude panning, Dynamic localization cue 

1. INTRODUCTION 
Some panning methods have long been proposed to recreate virtual source in horizontal surround 

sound reproduction. Pair-wise amplitude panning and Ambisonics panning are two familiar panning 
methods (1). In the former, signals are fed to two adjacent loudspeakers and virtual source between 
loudspeakers are recreated by changing the amplitude ratio of two loudspeaker signals. In the latter, 
signals are fed to more than three or four loudspeakers around the listener to recreate horizontal virtual 
sources. The amplitudes of Ambisonics loudspeaker signals are designed according to azimuthal 
harmonics decomposition and each order approximation of target sound field. These panning methods 
meet the requirement of the horizontal localization mechanism of human hearing that binaural cues 
including ITD (interaural time difference) and ILD (interaural level difference) account for auditory 
lateral localization (2). Appropriate loudspeaker configuration and panning methods recreate desired 
binaural localization cues and therefore create the perceived of virtual source (summing localization) 
in various horizontal directions. 

With the development of multichannel sound with height (3), it is also desired to recreate virtual 
source in different vertical directions, especially in the frontal median plane.  Conventional pair-wise 
amplitude panning and Ambisonics panning methods have been used or extended to recreate vertical 
virtual source. However, the vertical localization mechanism of human hearing differs from that of 
horizontal or lateral localization. Accordingly, the panning methods for creating vertical virtual source 
should be examined or even redesigned. 

Actually, monaural spectrum at a high frequency caused by the diffraction of head and pinna is a 
well-known cue for vertical localization (2). However, analysis using head-related transfer functions 
(HRTFs) and the binaural hearing model indicated that two or more loudspeakers with a conventional 
angular interval and panning methods fail to provide correct spectral information for vertical summing 
localization (4, 5, 6). 

On the other hand, early in 1940, Wallach hypothesized that the ITD variation introduced by head 
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turning provides dynamic cues for front-back and vertical localization (7). In detail, the ITD variation 
caused by head turning around the vertical axis (rotation) allows the discrimination of the front -back 
location as well as vertical displacement from the horizontal plane; and head turning around th e 
front-back axis (tilting) provides supplementary information for up-down discrimination. Wallach’s 
classical hypothesis has been validated by some modern experiment (8). Jiang et al. further validated 
that both high-frequency spectral cue and dynamic cue contribute to vertical localization. However, 
the information providing by dynamic and spectral cues is somewhat redundant. When one cue is 
eliminated, another cue alone still enables vertical localization to some extent (9). 

To analyze the summing localization and design the panning method in multichannel sound with 
height, some virtual source localization theorems have been proposed. Makita hypothesized that the 
perceived direction of virtual sources in stereophonic or multichannel sound fields is consis tent with 
the normal direction or velocity of the summing wavefront (10). Based on Makita’s hypothesis, Gerzon 
proposed a velocity localization theorem or hypothesis for low frequencies below 700 Hz (11). Gerzon 
also proposed an energy-localization theorem for high frequency in which the perceived direction of a 
reproduced virtual source is supposed to be consistent with the energy flow or sound intensity of the 
summed wavefront. Based on Makita’s hypothesis, Pulkki proposed a vector base amplitude panning 
(VBAP) for multichannel spatial sound which can be regarded as the three dimensional extension of 
conventional pair-wise amplitude panning (12). 

Based on Wallach’s hypothesis, Xie (XF) derived a set of summing localization equations for 
multiple sound sources at low frequency outside the median plane and used them to analyze the spatial 
sound reproduction with the 1st-order Ambisonics panning (13). Rao et al. extended those summing 
localization equations to the case of median plane (14). By considering aforementioned theorems 
comprehensively, Xie et al. developed a framework for analyzing the vertical summing localization of 
multichannel sound reproduction (15). 

Xie et al. also proved by analysis and experiment that appropriate  two loudspeaker configuration in 
the median plane with pair-wise amplitude panning is able to create desired ITD and its dynamic 
variation with head rotation, and therefore it is able to recreate virtual source between loudspeakers. 
However, the vertical localization information providing by ITD variation with head rotation and head 
titling are inconsistent. This inconsistency reduces accuracy in vertical localization (15). In contrast, 
the spatial Ambisonics panning is able to create desired ITD and its dynamic variation with head 
turning. The vertical localization information providing by ITD variation with head rotation and head 
titling are consistent. Spatial Ambisonics (especially the 3 order) yields reasonable vertical 
localization performance, but it requires a complicated loudspeaker configuration (15). 

Actually, an appropriate vertical panning method should meet the requirement of vertical 
localization mechanism of human hearing, and at the same time, be applicable to practical or simple 
loudspeaker configuration. For this purpose, a local Ambisonics panning method for recreate the 
virtual source in the median plane is proposed in present work. 

2. THE LOCAL AMBISONICS PANNING METHOD 
Spatial position is specified by spherical coordinates (r, θ, ϕ), where 0 ≤ r < +∞ is the distance; -90° 

≤ ϕ ≤ 90° is the elevation and 0° ≤ θ < 360° is the azimuth. ϕ = -90°, 0° and 90° denote the below, 
horizontal and above directions, respectively. θ = 0°, 90° and 180° denote the front, left and back 
directions, respectively. 

As shown in Figure 1, three loudspeakers are arranged up-down symmetrically in the frontal 
median plane, with elevations ϕ0 = -ϕ΄ = -30º ~ -45º, ϕ1 = 0º and ϕ2 = ϕ΄ = 30º ~ 45º, respectively. For 
the 1st order Ambisonics-like panning or signal mixing, the amplitudes or gains of loudspeaker signals 
can be expressed as a linear combination of elevation harmonics up to the 1st order:  

)sincos(
)cos(

)sincos(

1002

111

1000

SStotal

Stotal

SStotal

cbaAA
baAA

cbaAA
                         (1) 

Where ϕS is the target elevation of the virtual source; a0, a1, b0, b1 and c1 are a set of coefficients to be 
determined; Atotal is a normalized factor. The up-down symmetry, even function feature of cosϕS and 
odd function feature of sinϕS have been considered in Eq. (1). Because signals are fed to only three 
local loudspeakers to recreate virtual source in the frontal median plane, this panning method is called 
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“local Ambisonics panning” to distinguish from the conventional (or global) Ambisonics panning in 
which signals are fed to all loudspeakers around the listeners.  

 

 

Figure 1 – Three loudspeakers configuration for local Ambisonics panning in the frontal median plane 
 
Because all three loudspeakers are arranged in the median plane, the resultant ITD in reproduction 

is always zeros. Therefore the virtual source locates in the median plane. The coefficient s in Eq. (1) are 
selected so that the ITD variations caused by head turning in reproduction match with those of target 
source at least for low frequency. Based on a shadowless head model (14, 15), a match of ITD variation 
caused by head rotation requires: 
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A match of ITD variation caused by head tilting requires: 
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Substituting Eq. (1) into Eq. (2) and Eq. (3), a solution of coefficients are given by: 

'sin
'cos121'cos21 1010 cbbaa               (4) 

The normalized factor Atotal is determined by letting the total power being the unit value: 
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Then the local Ambisonics panning is: 
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It is worthwhile pointing out that the panning method in Eq. (6) is not only suitable for target virtual 
source lies within the region of three loudspeakers, but also suitable for target virtual source lies 
outside the region of three loudspeakers. In other words, this panning method is theoretically able to 
recreate vertical virtual source which lies outside the region of three loudspeakers. This is an 
advantage of local Ambisonics panning method. Actually, even if the elevation of target virtual source 
lies outside the region of three loudspeakers (ϕ΄ < ϕS ≤ 90º, and -90º ≤ ϕS ≤ -ϕ΄), Eq. (2) and Eq. (3) is 
still hold and the local Ambisonics panning still provides correct dynamic cue for vertical localization.  

Figure 2 plots the local Ambisonics panning functions of Eq. (6) with the loudspeaker 
configuration being ϕ2 = ϕ΄ = 45º. When the target direction locates between two adjacent loudspeakers, 
the signals for these two loudspeakers are in phase, but the signal for the third loudspeaker is out of 
phase. When the target source elevation is consistent with one loudspeaker direction, the signal 
amplitudes for other two loudspeakers are zero. When the target virtual source lies outside the region 
of three loudspeakers, the signal for the frontal loudspeaker is always out of phase, while the signals 
for the other two loudspeakers are always in phase. These are the features of local Ambisonics 
panning. 

 
Figure 2 – The local Ambisonics panning functions of Eq. (6) with the loudspeaker configuration being ϕ2 = 

ϕ΄ =45º. 

3. ANALYSIS BY USING HRTFS 
Although the analysis in Section 2 indicates that local Ambisonics panning yields appropriate ITD 

and its dynamic variation with head turning at low frequency, a more accurate and strict analysis 
should take into account the effect of head shadow. This can be realized using HRTFs. For an actual or 
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target source at direction (θS, ϕS), binaural pressures are calculated as: 
)(),,(),,( 0 fPfHfP SSSS                         (8) 

Where Hα(θS, ϕS, f) are a pair of HRTFs with α = L or R representing the left or right ear respectively, 
f is frequency. P0(f) is the free-field sound pressure at head center with the head absent. 

In the case of local Ambisonics panning, the binaural pressures are the linear combination of those 
from three loudspeakers: 

2

0
0 )(),,()('

i
iii fPfHAfP                         (9) 

Where Hα(θi, ϕi, f) are a pair of HRTFs for i-th loudspeaker at direction (θi, ϕi), and A0, A1, A2 are 
given by Eq. (6). When the head turns, the directions of target source and loudspeakers with respect to 
head change. The HRTFs in Eq. (8) and Eq. (9) should be replaced by these of new directions (15, 16). 

ITD can be calculated from the resulting binaural pressures. There are various definitions and 
methods for ITD calculation (16). Here ITDs are calculated by maximizing the normalized 
cross-correlation function between the pressures at two ears. Considering that ITD is a localization cue 
at low frequency, the frequency range for calculating the normalized cross-correlation function is 
chosen up to 1.5 kHz. 

The procedures for analysis are: 
(1). Given the target source direction (θS, ϕS), calculate ITD for an actual source and local Ambisonics 

panning, respectively. Then compare the results. 
(2). Given the target source direction (θS, ϕS) and a small azimuth Δθ of head rotation, calculate the ITD 

as well as the variation of ITD (ΔITD) for an actual source and local Ambisonics panning, 
respectively. Then compare the results. 

(3). Given the target source direction (θS, ϕS) and a small azimuth Δγ of head tilting, repeat step (2). 
As an example of analysis, suppose that the elevation of loudspeakers 2 in Figure 1 is ϕ΄ = 45º. 

HRTFs of KAEMAR artificial head (with DB-060/061 small pinnae but without torso) are used in 
analysis. The HRTFs were obtained by first scanning the images of KAEMAR using a laser scanner 
and then calculating via BEM-based method (16). The frequency and angular resolutions of HRTFs are 
50 Hz and 1º, respectively. The target source elevation ϕS varies from -90º to 90º at an interval of 5º in 
the frontal median plane. 

Calculation indicates that, before head turns, the magnitudes of ITD are less than 8 μs for  both 
actual source and local Ambisonics panning at all target elevations. Therefore, the ITDs created by 
local Ambisonics panning match with those of actual source and the virtual sources locate in the 
median plane. 

 

(a) The ITD variation (ΔITD) for the actual source 

and local Ambisonics panning after head rotation 

counterclockwise around the vertical axis with a 

small angle Δθ = 15º. 

(b) The ITD variation (ΔITD) for the actual source 

and local Ambisonics panning after head tilting 

counterclockwise around the front-back axis with a 

small angle Δγ = 15º. 

Figure 3 – The ITD variation (ΔITD) for the actual source and local Ambisonics panning after head rotation 

and tilting. 
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Figure 3(a) plots the ITD variation (ΔITD) for the actual source and local Ambisonics panning after 
head rotation counterclockwise around the vertical axis with a small angle Δθ = 15º. The results for 
actual source and local Ambisonics panning are similar. Δ ITD varies with target elevation. It 
maximizes at the horizontal front directions ϕS = 0º and reduces as target elevation deviates from the 
horizontal plane. Therefore, the ITD variation caused by head rotation provides information for 
vertical displacement from the horizontal plane. However, this ITD variation is up-down symmetric 
and does not provide enough information for up-down discrimination. 

Figure 3(b) plots the ITD variation (ΔITD) for the actual source and local Ambisonics panning after 
head tilting counterclockwise around the front-back axis with a small angle Δγ = 15º. The results for 
actual source and local Ambisonics panning are similar, at least within the range -45 º ≤ ϕ΄ ≤ 45º. ΔITD 
also varies with target elevation. It is zeros at the horizontal front directions ϕS = 0º and opposite at the 
up and down positions, therefore provides supplementary information for up-down discrimination. 

In summary, the results here indicate that local Ambisonics panning method provides consistent 
ITD and its dynamic variation with head rotation and tilting for vertical localization in the median 
plane. This is consistent with Wallach’s hypothesis. 

4. EXPERIMENTAL VALIDATION 
A virtual source localization experiment was conducted to validate the local Ambisonics paining 

methods. The experiment was carried out in a listening room with reverberation time of 0.15 s. Three 
loudspeakers were arranged in an arc with radius 1.45 m, the elevations of three loudspeakers were ϕ0 
= -45º, ϕ1 = 0º and ϕ2 = 45º respectively. Subject’s head center was adjusted to consist with the center 
of arc. 

The elevations of target virtual source ranged from ϕS = -90º to 90º at an interval of 15º in frontal 
median plane. Three kinds of stimuli were used in the experiment, including pink noise with full 
audible bandwidth, low-pass filtered noise with cutoff frequency of 1.5 kHz and orchestral music. The 
length of stimuli was 10 s. The sound pressure level in reproduction was about 70 dB. Subjects judged 
and reported the perceived directions of virtual source. Head rotation and tilting were encouraged 
during the judgment. Eight subjects (five male and three female, with normal hearing) took part in the 
experiment. Each subject judged three times. Therefore, there were 3 repetitions × 8 subjects = 24 
judgments on each condition. Final results were expressed as the mean perceived azimuth and 
elevation as well as corresponding standard deviation across 24 judgments. There may be some 
up-down (U-D) confusion in the raw localization results. In these cases, the perceived elevation angle 
is corrected by reflection against the symmetric plane prior to calculating the mean and standard 
deviation. The percentage of confusion is calculated. The percentages of U-D confusion for pink noise, 
low-pass filtered noise and orchestral music are 9.0%, 12.5% and 12.5% respectively. 

 
Figure 4 – The mean perceived elevation and standard deviation for three kinds of stimuli. 

The mean perceived azimuths lie between -5º to +5º for all three stimuli and target elevations. 
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Therefore the perceived virtual source locates near the median plane in all cases. For brief, the figure 
of mean perceived azimuths is omitted here. Figure 4 plots the mean perceived elevations and 
corresponding standard deviations for three stimuli and various target elevations. It shows the 
perceived virtual source is reasonably consistent with the target source between -60º to +60º for all 
three stimuli, and yields consistent with the analysis by using HRTFs in Section 3. Outside the target 
elevation of ±60º, the mean perceived elevation is near 60º or -60º. 

5. CONCLUSIONS 
The local Ambisonics panning method is designed to recreate vertical virtual source by using three 

loudspeakers arranged up-down symmetrically in the frontal median plane. It is able to create 
appropriate interaural time difference as well as its dynamic variation caused by head rotation and 
head tilting, resulting in consistent dynamic cue for vertical localization. This panning method is not 
only able to recreate the vertical virtual source within the region of three loudspeakers, but also able to 
recreate virtual source outside the region of three loudspeakers to some extent. The proposed method 
can be extended to recreate virtual source in other vertical plane. This is the future work. 
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ABSTRACT 
Incorporated HRTF-based binaural synthesis and cross-talk cancellation, transaural reproduction with two 
frontal loudspeakers is theoretically able to duplicate the binaural pressures of an actual sound source, and 
then is expected to be able to recreate virtual source at arbitrary direction. However, many experiments have 
indicated that for static transaural reproduction, in which transaural processing is fixed regardless of head 
turning, the perceived virtual source is usually limited in the frontal-horizontal plane. The reason may be that, 
in static transaural reproduction, the dynamic cue for front-back and vertical localization is omitted, while the 
high-frequency spectral cue is unstable against head movement. To validate this hypothesis, a psychoacoustic 
experiment is conducted in present work. A dynamic transaural system with two frontal loudspeakers is used 
in the experiment. According to the contemporary orientation of head detected by a head-tracker, the system 
changes the transaural processing so that binaural pressures in reproduction follow the turning of subject’s 
head. The experimental results indicate that, by incorporating the dynamic cue caused by head turning, 
dynamic tranaural reproduction is able to recreate virtual source at front, back and vertical directions. 
Therefore, the limitation in conventional static transaural reproduction is indeed caused by the omitting of 
dynamic cue.  
 
Keywords: Transaural reproduction, Vertical localization, Dynamic cue 

1. INTRODUCTION 
Binaural pressures include the main information for auditory localization. Based on HRTF-based 

binaural synthesis, binaural reproduction or virtual auditory display (VAD) duplicate s the binaural 
pressures caused by an actual sound source and then recreates perception of virtual source localization 
in three dimensional space through headphone reproduction (1). 

Incorporated HRTF-based binaural synthesis and cross-talk cancellation, transaural reproduction 
with two frontal loudspeakers is theoretically able to duplicate the binaural pressures of an actual 
sound source, and then is expected to be able to recreate virtual source at arbitrary direction. Some 
authors reported that, under a series of critical conditions (e.g., individualized HRTF processing, 
restriction of head movement, reproduction in anechoic rooms, etc.), a pair of frontal loudspeakers  can 
recreate perceived virtual sources at all horizontal or three-dimensional directions for listeners, to 
some extent (2). However, more experimental results indicate that, in static transaural reproductions 
(especially these with nonindividualized HRTF processing), perceived virtual source positions are 
usually limited in the region of frontal-horizontal quadrants (3). The virtual sources intended for 
rear-horizontal quadrants or high elevations are often perceived at the frontal-horizontal quadrants 
with the same cone of confusion.  

Actually, in the case of an actual sound source, both high-frequency spectral cue included in 
binaural pressures and dynamic variation of binaural pressures caused by head turning contribute to 
front-back and vertical localization (4,5). In static transaural reproduction, the transaural processing is 
fixed regardless of head turning and therefore the dynamic cue is omitted or unmatched. Moreover, the 
high-frequency spectral cue in loudspeaker reproduction is unstable against head movement due to the 
short wavelength. Therefore, it is reasonable to hypothesize or deduce that the aforementioned 
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limitation in static transaural reproduction with two front loudspeakers is caused by the unmatched 
dynamic cue and unstable high-frequency spectral cue. To test this hypothesis, the dynamic variation 
of interaural time difference (ITD) caused by head turning in transaural reproduction is analyzed in 
present work. Virtual source localization experiments for both static and dynamic transaural 
reproductions through two frontal loudspeakers are conducted. The analysis and experimental results 
validate the hypothesis. 

2. PRINCIPLE OF TRANSAURAL REPRODUCTION 
There are various methods to derive the loudspeaker signals for transaural reproduction with two 

frontal loudspeakers in the horizontal plane. The conventional method is to cascade the HRTF-based 
binaural synthesis and cross-talk processing (6). Here, an alternative but mathematically equivalent 
method is outlined (7).  

For convenience in analyzing vertical or elevation localization, the interaural polar coordinate is 
used in the present work. The origin of coordinate is located at the center of the head. Source position 
is specified by (r, Θ, Ф). Where 0 ≤ r < ∞ denotes the source distance; -90º ≤ Θ ≤ 90º denotes the 
interaural polar azimuth, that is, the angle between the directional vector of the sound source and the 
median plane, with Θ = -90º, 0º, and 90º being the left direction, median plane, and right direction, 
respectively. A constant Θ represents the cone of confusion. The -90º ≤ Ф < 270º denotes the interaural 
polar elevation, that is, the angle between the projection of the directional vector of the source to the 
median plane and the frontal axis, with Ф = -90º, 0º, 90º, and 180º being the below, front, above, and 
back directions, respectively. 
   For an actual or target virtual source at far-field distance (r ≥ 1.2 m) and direction (ΘS, ФS), the 
binaural pressures in the frequency domain can be calculated by filtering the input stimulus E(f) with 
a pair of corresponding HRTFs HL (ΘS, ФS, f) and HR (ΘS, ФS, f):  

( , , )
( )

( , , )
L S SL

R S SR

H Θ Φ fP
E f

H Θ Φ fP
                              (1)  

For transaural reproduction with two frontal loudspeakers, two loudspeakers are arranged at far-field 
distance (r ≥ 1.2 m) and directions (ΘL, ФL = 0 ), (ΘR, ФR = 0 ) respectively. Let EL(f) and ER(f) be the 
loudspeaker signals, HLL(ΘL, ФL, f), HRL(ΘL, ФL, f), HLR (ΘR, ФR, f) and HRR(ΘR, ФR, f) denote the four 
acoustic transfer functions from two loudspeakers to two ears. The reproduced binaural sound 
pressures at the two ears are given by: 

' ( , , ) ( , , ) ( )
' ( , , ) ( , , ) ( )
L LL L L LR R R L

R RL L L RR R R R

P H Θ Φ f H Θ Φ f E f
P H Θ Φ f H Θ Φ f E f

                  (2) 

Letting Eq (2) be equal to Eq.(1), that is, the binaural pressures in transaural reproduction be equal 
to those of target, the loudspeaker signals can be found as:  

' ( , , ) ( , , ) ( ) ' ( , , ) ( , , ) ( )L S S L S S R S S R S SE Θ Φ f G Θ Φ f E f E Θ Φ f G Θ Φ f E f        (3)  
Where GL(ΘS, ΦS, f) and GR(ΘS, ΦS, f) are the responses of a pair transaural filters which depend on 
directions of target source and loudspeakers with respective to head. 
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            (4) 

Therefore, by filtering the input stimulus with a pair of transaural filters, transaural reproduction is 
able to control the binaural pressures caused by two loudspeakers so that they are equal to those caused 
by an actual source. This is the basic principle of transaural reproduction with two front loudspeakers.  

In practical uses, appropriate equalization algorithm may be supplemented to the transaural 
synthesis to reduce the perceived timbre coloration in reproduction. The timbre equalization is based 
on the fact that in two frontal loudspeaker reproduction, the perceived virtual source direction is 
dominated by interaural cues (especially ITD) and is limited to frontal -horizontal quadrants. The 
interaural cues are controlled by the relative, rather than the absolute, magnitude and phase of left and 
right loudspeaker signals. Scaling both loudspeaker signals with identical frequency-dependent 
coefficients does not alter their relative magnitude and phase, or the perceived virtual source azimuth. 
However, this manipulation alters the overall power spectra of loudspeaker signals and therefore 
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equalizes timbre. Of course, equalization algorithms may alter the spectra of binaural pressures. For 
constant-power equalization algorithms (1), the responses of the transaural synthesis filters are 
equalized by their root mean square (RMS). That is, the GL(ΘS, ΦS, f) and GR(ΘS, ΦS, f) in Eq.(4) are 
substituted by the following G’L(ΘS, ΦS, f) and G’R(ΘS, ΦS, f):  

2 2

2 2

( , , )
' ( , , )

| ( , , ) | | ( , , ) |
( , , )' ( , , )

| ( , , ) | | ( , , ) |

L S S
L S S

L S S R S S

R S S
R S S

L S S R S S

G Θ Φ fG Θ Φ f
G Θ Φ f G Θ Φ f

G Θ Φ fG Θ Φ f
G Θ Φ f G Θ Φ f

                    (5) 

After equalization, the loudspeaker signals given by Eq.(3) and Eq.(5) satisfy the constant-power 
spectral relationship, 

2 2 2| ' ( , , ) | | ' ( , , ) | | ( ) |L S S R S SE Θ Φ f E Θ Φ f E f                        (6) 
Therefore, the overall power spectra of loudspeaker signals are equal to those of the input stimulus,  

thereby reducing reproduction coloration. 
When subject’s head turns, the HRTFs from target source and two loudspeakers to two ears change. 

In dynamic transaural reproduction, the head turning is detected by a head tracker. According to the 
direction of the target virtual source relative to the temporary orientation of the subject’s head, the 
HRTFs in the two transaural filters of Eq.(4) or (5) are updated constantly. The detail of dynamic 
transaural reproduction is referred to (3,8). 

3. ANALYSIS ON DYNAMIC LOCALIZATION CUE 
To analyze dynamic localization cue, the ITD (interaural time difference) variation caused by head 

turning in transaural reproduction is analyzed and compared with that of an actual source.  
For an actual source at direction (ΘS, ФS), the binaural pressures are evaluated by Eq.(1). When the 

head turns, the binaural pressures are also evaluated by Eq.(1), but the HRTFs at new direction with 
respect to head are used.  

For static transaural reproduction, the binaural pressures are evaluated by Eq.(2) with the 
loudspeaker signals given by Eq.(3) and (4) in the case without timbre equalization, or given by Eq.(3) 
and (5) in the case with timbre equalization. When the head turns, the HRTFs from the two 
loudspeakers to two ears should be replaced by those at new directions with respect to head, but the 
loudspeakers signals are unchanged. 

For dynamic transaural reproduction, the binaural pressures are evaluated similar to static 
reproduction. But when the head turns, both the HRTFs from the two loudspeakers to two ears and the 
loudspeakers signals should be changed according to the new directions with respec t to head.          

Subject’s head is able to turn in three degrees of freedom, including turning around the left -right 
axes (pitch), around the front-back axes (tilting or rolling), and around the up-down axes (rotation or 
yaw). The ITD variation caused by head rotation is supposed to provide information for front-back and 
vertical localization, and the ITD variation caused by head tilting also provides supplementary 
information for up-down discrimination (5,9,10). Therefore, the ITD variations caused by head 
rotation and titling are evaluated.  

There are various definitions and methods for ITD calculation(1). Here, the ITDs are calculated by 
maximizing the normalized cross-correlation function between the pressures at the two ears. 
Considering ITD is an effective localization cue at low frequency, the frequency range for the ITD 
calculation is chosen up to 1.5 kHz. 

The schemes for analysis are as follow. 
1) Calculate the binaural pressures for an actual source before and after head turning, respectively. 
2) Calculate the ITD for an actual source before and after the head turning, respectively, and then, 

evaluate the variation in ITD. 
3) Calculate the binaural pressures for transaural reproduction before and after head turning, 

respectively. 
4) Calculate the ITD for transaural reproduction before and after head turning, respectively, and 

then, evaluate the variation in ITD. 
5) Compare the ITD variations for actual source and transaural reproduction.   
As an example of analysis, suppose that two loudspeakers are arranged in the horizontal plane. The 

distance between the loudspeakers and the head center of subject is 1.5m, and the directions are:  
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15 15 0L R L RΘ Θ Φ Φ                         (7) 
The actual or target source is located in the median plane. HRTFs of KAEMAR artificial head (with 

DB-060/061 small pinnae but without torso) are used in analysis. The HRTFs were obtained by first 
scanning the images of KAEMAR using a laser scanner and then calculating via the fast boundary 
element method (11). The sample frequency of HRTFs is 44.1 kHz and the length is 512 points.  

Figure 1 shows the ITD variation (ΔITD) for various actual or target source polar elevations in the 
median plane and head rotation to the left with an azimuth of 10°.  The results for actual source, static 
and dynamic transaural reproduction with timbre equalization are plotted in the same figure. The 
results of static and dynamic transaural reproduction without timbre equalization are almost identical 
to those with timbre equalization and therefore omitted here. 
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Figure 1 –Results of ITD variation for target source polar elevations  

in the median plane and head rotation to the left with an azimuth of 10° 
In all cases, as expected, the ITD ≈ 0. In the case of actual source, the ΔITD varies with elevation. 

In the frontal-median plane -30º ≤ ФS < 90º, ΔITD > 0; and in the back-median plane, ΔITD < 0. 
Therefore, the sign of ΔITD provides information for front-back discrimination. In addition, the 
magnitude of ΔITD maximizes in the horizontal-frontal and back direction. As the source elevation 
departs from the horizontal plane, the magnitude of ΔITD is reduced. At the top with ФS = 90° (or 
bottom with ФS = -90°, not shown in the figure), the ΔITD is zero. Therefore, the ΔITD with head 
rotation provides information for vertical displacement from the horizontal plane.  However, the ΔITD 
with head rotation is up-down symmetric. For example, the ΔITD for ФS = 30º and -30º are almost 
identical. In fact, the ITD variation caused by head tilting (as well as scattering by torso) provides 
further information for up-down discrimination. 

In the case of static transaural reproduction, the ΔITD with head rotation are almost invariant 
against target elevation (96 μs to 97μs) and basically consistent with that of actual source near the 
front ФS = 0º. While in the case of dynamic transaural reproduction, the ΔITD with head rotation are 
almost consistent with that of the actual source at various elevations.  

It can be proved that for head rotation with other small azimuth (for example, 20°) or for head 
tilting, the ITD variation exhibit a similar feather. That is, in the case of static transaural reproduction, 
the ITD variations with head turning are basically identical to that of actual source near the front. And 
in the case of dynamic transaural reproduction, the ITD variations with head turning basically match 
with those of actual source at target directions. 

4. EXPERIMENT METHOD 
A series of virtual source localization experiments were conducted to examine the perceived virtual 

direction of static and dynamic transaural reproduction.  
The experiment was conducted in a listening room with reverberation time of 0.15 s. Static and 

dynamic transaural reproduction with timbre equalization were examined. Two loudspeakers 
(GENELEC 8010AP-5) were arranged in the horizontal plane at a distance of 1.5 m and azimuths 
given by Eq.(7). Nine target elevations from ФS = -30º to 210º at an interval of 30º in the median plane 
were chosen. The HRTFs used in transaural synthesis were identical to those in Sec.3. Two kinds of 
stimuli, pink noise with full audible bandwidth and 3 kHz low-pass pink noise, were used. The length 
of stimuli was 10 s. 
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In dynamic reproduction, an electromagnetic head tracker (Polhemus FASTRAK) was used to 
detect the orientation of the subject’s head. It was able to detect the head turning in three degrees of 
freedom. The update rate and system latency time of the dynamic reproduction were 60 Hz and 25.4 ms, 
respectively.  

The subjects judged the perceived virtual source direction and reported using an electromagnetic 
tracker (Polhemus FASTRAK). The tracker included two receivers. One receiver was fixed on the 
subject’s head surface to monitor the position and orientation of the head. Another receiver was fixed 
at one end of a 1.0 m wooden rod. The subject pointed the rod at the position of the perceived virtual 
source and a computer recorded the result. The direction of the virtual source was measured relative to 
the head center because the data relative to the receiver on the head surface had been transferred to 
those relative to the head center. The subjects made the judgment and pointed at the perceived 
direction during the stimulus presentation. Before and after a presentation, the subjects were allowed 
to turn their heads to recognize the direction. 

For static reproduction, the subject’s heads were restricted during the judgment. The data from the 
head tracker indicated that the angle of head rotation and titling are less than 2º, respectively.  For 
dynamic reproduction, the subjects were encouraged to turn their heads. For dynamic reproduction, the 
angle of head rotation ranged from ±5º to ±15º; and the angle of head titling ranged from ±10º to ±25º. 

Eight subjects participated in the experiment. The subjects were from 22 to 30 years old and had 
normal hearing. Under each condition and at each target direction, each subject repeatedly judged 
three times. Therefore, there were 3 repetitions × 8 subjects = 24 judgments under each condition. 
Statistical analysis was applied to the 24 judgments. 

5. RESULTS AND STATISTICS 
The preliminary results from the subjects indicated that, for static reproduction with stimuli of two 

bandwidths and for dynamic reproduction with 3 kHz low-pass pink noise, a single virtual source was 
perceived. In this case, statistical analysis was applied to the perceived directions of this virtual source. 
However, for dynamic reproduction with pink noise of full audible bandwidth, two splitting virtual 
source were perceived. The high-frequency one was always perceived at the horizontal frontal 
directions. The low-frequency one was perceived at different elevation in the median plane, depending 
on the target elevation. In this case, statistical analysis was only applied to the perceived directions of 
the low-frequency virtual source. 

Although the localization results varied across the subjects, the overall tendency was similar. The 
perceived virtual source was located near the median plane with mean unassigned polar azimuth errors 
being less than 2.6º in all cases. For brevity, only the statistical results of all the subjects are analyzed 
here. Figure 2 show the mean polar elevation and corresponding standard deviation. Reversal was 
resolved for the raw localization results with front-back (F-B) and up-down (U-D) confusions. Table 1 
lists the percentage of confusion.  

Table 1 –Percentage of confusion for each target virtual source reproduction 

 -30 0 30 60 90 120 150 180 210 
Dynamic Full band F-B confusion(%) 0 0 4.2 25 / 29.1 8.3 8.3 8.3 

U-D confusion(%) 70.8 / 4.2 4.2 8.3 4.2 8.3 / 70.8 
Low-pass F-B confusion(%) 0 0 0 16.7 / 16.7 8.3 8.3 12.5 

U-D confusion(%) 79.1 / 4.2 0 0 0 4.2 / 75 
Static Full band F-B confusion(%) 0 0 0 0 / 100 100 100 100 

U-D confusion(%) / / / / / / / / / 
Low-pass F-B confusion(%) 0 0 0 0 / 100 100 100 100 

U-D confusion(%) / / / / / / / / / 

 
Figure 2(a) shows the results of static reproduction. The results for the stimuli with two different 

bandwidths are similar. For target source at the front median plane and top direction with -30º≤ ΦS ≤ 
90º, the mean perceived directions are near the ΦI = 0º, and Table 1 indicate that no front-back 
confusion occurs. For target source at the back median plane with 120º ≤ ΦS ≤ 210º , Figure 2(a) 
indicates the mean perceived directions are near the ΦI = 180º. However, Table 1 indicates the 
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percentage of front-back confusions are 100 %. Therefore, for target source at -30º ≤ ΦS ≤ 210º, the 
actual perceived directions are all at the horizontal front, in spite of the target directions.         

Figure 2(b) shows the results of dynamic reproduction. The results for 3 kHz low-pass pink noise 
and the low-frequency virtual source of pink noise with full-audible bandwidth are similar. The mean 
perceived elevations basically match with the target ones. Table 1 indicates that no or low front-back 
confusion occurs in most cases, except for some front-back confusions occur at the target directions ΦS 
= 60º and 120º. In addition, only a few up-down confusions occur, expect for the low-elevation target 
directions of ΦS = -30º and 210º at which the percentages of up-down confusion reach high values of 
70.8 % ~ 89.1 %.     
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              (a) Static reproduction             (b) Dynamic reproduction 

Figure 2 – Mean results and standard deviation of virtual source  
polar elevation localization in the median plane 

6. DSICUSSION 
The experimental results in sec.5 indicate that static transaural reproduction with two horizontal 

front loudspeakers is unable to recreate virtual source in back and high or low elevations in the median 
plane.  Target virtual sources in all elevations in the median plane are perceived in front -horizontal 
directions. In contrast, dynamic transaural reproduction with two horizontal front loudspeakers is able 
to recreate virtual source in back or various high elevations in the median plane, at least for 3  kHz 
low-pass filtered stimuli. 

Actually, both spectral cue and dynamic cue contribute to front-back and vertical localization. The 
spectral cue introduced by pinna is effective at high frequency above 5 kHz. It is also individual 
dependent. A careful designed transaural reproduction may theoretically be possible to create the 
high-frequency spectral cue at the ideal listening position. However due to the short wavelength at 
high frequency, the spectral cue is very sensitive to small deviation from the listening position and 
other error in the reproduction chain. In other words, transaural reproduction is unable to create stable 
high-frequency spectral cue. If timbre equalization is supplemented, the spectral cue is further 
distorted. Therefore, front-back and vertical localization in transaural reproduction depend on 
dynamic cue. 

Wallach hypothesized that the ITD variation caused by head rotation allows the discrimination of 
the front-back location as well as vertical displacement from the horizontal plane (9). Wallach’s 
hypothesis has been validated by some modern experiment (5,9). As shown in Sec.3, in the case of 
static reproduction, the information provided by ITD variation caused by head rotation is always 
consistent with this of a source near the horizontal frontal direction. In the case of dynamic 
reproduction, the information provided by ITD variation caused by head rotation matches with that of 
target or actual source. Of course, the incorrect spectral cue may cause another splitting 
high-frequency virtual source in the horizontal-frontal direction. In addition, some front-back 
confusion occurs at the target directions ΦS = 60º and 120º may be due to small ΔITD magnitudes at 
these directions. And the large up-down confusion for low-elevation target directions of ΦS = -30º and 
210 º may be due to that the HRTFs of KEMAR without torso is used in present work. The torso-related 
spectral cue at low frequency contribution to up-down discrimination, although head tilting also 
provides supplementary information for up-down discrimination (9).  

7. CONCLUSIONS 
Transaural reproduction is unable to provide stable high-frequency spectral cue, therefore 
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front-back and vertical localization depend on dynamic cue. Dynamic transaural reproduction with 
two horizontal-frontal loudspeakers is able to provide correct dynamic cue and therefore is able to 
create virtual source at back and various elevations, at least below 3 kHz. Static reproduction is unable 
to do so, and the perceived virtual source is usually limited in the frontal-horizontal plane.   

Recently, mulichannel sound with height is developed rapidly. It is sometimes desired to downmix 
multichannel sound signals for reproducing with fewer loudspeakers. Transaural processing has been 
suggested for downmixing. The limitation discussed in present work should be considered when the 
downmixing scheme is designed. 
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ABSTRACT 

Virtual auditory displays (VAD) aim to create virtual sources at various directions and distances in 

headphone reproduction by using binaural synthesis based on head-related transfer functions (HRTFs). 

Incorporating the variation of binaural signals caused by head turning in three dimensions of freedom, a 

dynamic VAD reduces front-back and up-down confusions, and improves the externalization of perceived 

virtual sources. It is well known that individualized far-field HRTFs can also help to improve the direction 

perception. In the present work, a virtual source localization experiment is conducted to further examine the 

effect of individualized near-field HRTFs on distance perception in dynamic virtual auditory display. Results 

indicate that dynamic binaural synthesis with both individualized and non-individualized near-field HRTFs 

can create perceived virtual source at various target distance within 1.0 m deviating from the median plane, 

especially at the lateral directions. Individualized HRTFs have little influence on distance perception, but 

improve the accuracy of direction perception in terms of elevation errors. 

 

Keywords: Individualized HRTFs, Distance perception; Dynamic virtual auditory display; Binaural hearing 

1. INTRODUCTION 

Sound source localization ability of human being, including direction and distance localization, 

plays an important role in our daily life. For instance, spatial hearing ability helps a listener to 

improve speech intelligibility when the noise and signal sound source are separate at distance, and to 

avoid obstacles in traffic environment, etc. Generally speaking, the ability of the human auditory 

system to estimate sound source distance is poorer than that of direction 
[1, 2]

. Therefore, compared 

with direction perception, the distance perception of human beings has been paid less attention in 

previous researches 
[3]

.  

Our ability to estimate physical distance of a sound source is influenced by a number of factors, 

including sound intensity variation with the sound source distance, reflections and binaural cues for 

nearby sound source, dynamic cue caused by head movement, etc. 
[4, 5]

. Sound intensity is the first cue 

taken into account: the weaker the intensity, the farther the source shall be perceived. In an ideal free 

field, where sound pressure and sound intensity levels are assumed to be equal, the intensity of an 

omnidirectional sound source decays at 6 dB for each doubling distance and can thus be predicted by 

a 1/r pressure attenuation law 
[6, 7]

, where r is the distance from the source. Therefore, the sound 

intensity variation is also called distance cue 
[5]

. Among the above factors of distance perception, the 

effect of binaural cues is important especially for a nearby sound source distance perception in an 

ideal anechoic chamber and can be assessed via the virtual auditory display (VAD) based on HRTFs
 [2]

. 

The dynamic cue refers to the dynamic variation of HRTFs caused by relative position variation 

between the sound source and the subject during the subject’s head movement. Previous researches 

proved that, when the dynamic cue is contained in the VAD system, a listener could perce ive the 

elevations more easily, and the front-back and up-down confusions will be reduced during perceiving 

or localizing a virtual sound source 
[8, 9]

. However, the effect of individualized near-field HRTFs on 

                                                        
*Corresponding author: cyzhang@gzhu.edu.cn 

5247



 

 

distance perception in dynamic VAD has not been reported yet.
 

HRTF describes the acoustic transmission from a point sound source to a subject’s ear drums in the 

free-field. For a sound source distance to head center larger than 1.0 m, HRTFs are approximately 

independent of source distance and are called far-field HRTFs. While for a source distance less than 

1.0 m, HRTFs are relevant to source distance and are called near-field HRTFs 
[10, 11]

. As defined, 

HRTF is an individualized physical quantity, and thus the individual cue of a subject’s HRTFs could 

have influence on the distance perception of a sound source. Actually, individualized HRTFs are vital 

to virtual reproduction system and sometimes are required in order to create a better virtual sound 

environment 
[12]

.
 
Some researchers have found that, via a statistic VAD system, individualized HRTFs 

help a subject to perceive the sound source direction better than non-individualized HRTFs 
[13]

, but 

this is not the case for distance perception. A recent work is addressed to assess the effect of 

individualized HRTFs on distance perception via a static virtual reproduction platform 
[14]

. However, 

there are few researches which involve comparison of different effects of individualized and 

non-individualized HRTFs on auditory distance perception of a nearby sound source via a dynamic 

VAD system (namely the dynamic cue and individualized HRTFs have not been concerned 

simultaneously). 

Therefore, we mainly aim to find out the effect of individual cue on auditory distance perception for 

nearby sound sources by means of psychoacoustic experiments via a dynamic VAD platform. In order 

to compare the difference, both individualized HRTFs of 4 subjects and non-individualized HRTFs of 

a KEMAR (Knowles Electronics Manikin for Acoustic Research) have been adopted. 

2. METHODS 

2.1 Participants 

Four volunteers, all males aged around 25, have completed this experiment as listeners. They all 

have normal hearing and all have experiences of psychoacoustic experiments. 

2.2 HRTFs of the subjects 

HRTFs used in the dynamic VAD system are calculated by using the fast multi-pole accelerated 

boundary element method (FMBEM), with a high spatial resolution of 1 both in the azimuths and 

elevations, and distance sampling at 0.2 m, 0.3 m, 0.5 m and 1.0 m. In order to verify the effect of 

individualized HRTFs on distance perception, individualized HRTFs of the four human subjects and 

non-individualized HRTFs of KEMAR have been numerically calculated via the same numerical 

simulation method (namely FMBEM). Before numerical simulations of HRTFs, the 3D digital 

models of the four subjects and KEMAR have been scanned by using a laser scanner whose product 

name is UniSCAN. The distances of HRTFs include 0.2 m, 0.3 m, 0.5 m, and 1.0 m, respectively. 

In the psychoacoustic experiments, non-individualized HRTFs of KEMAR were used for all 

listeners as control group. HRTF’s representation in the time domain is the head-related impulse 

response (HRIR), which will be directly applied into the signal processing of stimulus generation, 

see section 2.4 for more details. 

2.3 Environment 

All experiments were performed in a listening room of our laboratory which is in compliance 

with the international electronic standards (IEC), with background noise not more than 30 dBA and 

reverberation time less than 0.15 sec. 

2.4 Stimulus generation 

Five directions including 0, 45, 90, 135 and 180, and four distances including 0.2 m, 0.3 m, 

0.5m, 1.0 m, have been chosen in these experiments, which makes 20 direction-distance combinations, 

namely 20 individualized and 20 non-individualized HRIRs for each listener. A mono signal of white 

noise with full frequency was convolved with each participant’s individual ized HRIRs and 

non-individualized HRIRs, respectively, to generate the stimuli signals of virtual sound sources at 

various distances and directions. Stimulus convolved by individualized and non-individualized HRIRs 

were used as the compare group and control group, respectively. Each stimulus signal has a time length 

of 1.0 sec. It is worthy of attention on the coordinate system used in the psychoacoustic experiment. In 

the coordinate system, the head center of a subject is the origin. In the horizontal plane, azimuth 0° is 

straight ahead, 90° is direct right and 180° is straight astern, respectively. 
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In order to make the individual cue more effective during dynamic virtual reproduction for nearby 

sources, all other distance localization cues were excluded, such as the reflections in the room, and the 

visual impact, and signal familiarity etc. Therefore, in the experiments, the individual cue, dynamic 

cue, and the intensity variation of sound pressure with distance changing were included and compared, 

which results in two groups of experiments with distance cue (1/r) being included or excluded as 

follows, 

1) individualized HRTFs and dynamic virtual reproduction; 

2) non-individualized HRTFs and dynamic virtual reproduction. 

If the distance cue needs to be compensated (or equalized), before convolution with the white 

noise, the gain coefficients {ai} (i = 1, 2, 3, 4 for four subjects, respectively) should be applied to keep 

the sound intensity of subjects’ individualized HRTFs consistent with non -individualized HRTFs of 

KEMAR. We set the sound pressure P0(r0, 0) of KEMAR as the reference sound pressure. The 

psychoacoustic experiments have been separated into 5 groups with different azimuths. Therefore, for 

each listener, we get gain coefficients ai for each azimuth through calculating the sound energy ratio 

between the individualized and non-individualized HRTFs (the reference value) at distance of 0.2 m. 

Stimulus signals were presented through plug-in earphones (type Etymotic Research ER2) which 

saved the procedure of headphone equalization of binaural virtual reproduction.
 

2.5 Procedures 

As aforementioned in section 2.4, the psychoacoustic experiments were separated into 5 groups 

on account of five azimuths of the stimulus signals. For each participant, the sequence of the 5 

groups was random. There were 4 different auditory distances in each direction. For each 

distance-azimuth combination, both individualized and non-individualized signals were reproduced 

via the dynamic VAD system. Each signal was repeated for 5 times. So for each subject, there were 

4×2×5 = 40 signals in each direction and they were all presented randomly. During experiments, an 

electro-magnetic head tracker (Polhemus FASTRAK) was used to detect the orientation of the 

subject’s head, and also record the coordinate of a virtual sound source, where the listener placed the 

other tracker at the place of the virtual sound source. For each judgment, the participant was allowed 

to hear repeatedly not more than 3 times. All signals were presented randomly and the sequences 

were different among the five azimuthal groups. 

3. Results and discussions 

The results with distance cue included and excluded are shown in Figure 1 and Figure 2, 

respectively. 

 
Figure 1 – Overall average results and standard deviations of perceptual distance and simulated 

distance with distance cue being included. 
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Figure 2 –Overall average results and standard deviations of perceptual distance and simulated 

distance with distance cue being excluded. 

As we can see, the perceptual auditory distance ranges (standard deviations) of Figure 2 are wider 

than those of Figure 1, which indicates that the accuracy of auditory distance perception under the 

condition of distance cue being excluded is worse. That is to say, by means of virtual sound 

reproduction, the distance cue plays an important role in distance perception, which is consistent 

with results in the references 
[3-6]

. Further, for the situation where the distance was excluded, the 

effect of individualized HRTFs on distance perception can be observed. As shown in Figure 2, 

especially at directions of azimuths 45 and 135, since the individualized HRTFs were adopted, the 

average value is more consistent to the simulated distance and the standard deviation decrease from 

20 cm down to 15 cm (even down to 10 cm at specific distances). Some similar results can be 

observed in other azimuths. On one hand, the average value of perceptual distance with distance cue 

is more consistent with the simulated distance. On the other hand, the standard deviation of 

perceptual distance with distance cue is also smaller. However, in other directions, especially in 

front and back of subjects, the improvement of the perceptual distance is unobvious. The reason 

could be the difficulty of distance perception in median plane.  

4. CONCLUSIONS 

In this work, the effect of individualized HRTFs on distance perception was assessed via the 

psychoacoustic experiment that was based on the dynamic VAD system. For comparison, the 

non-individualized HRTFs of KEMAR and individualized HRTFs of four subjects have been adopted 

to generate stimulus of control group and compare group, respectively. Results show that the 

auditory distance cue (1/r) mainly affects the distance perception. When the distance cue was 

excluded, the positive effect has been discovered in the dynamic virtual reproductions. In the future, 

more volunteers will be recruited and more detailed results will be measured and analyzed. 
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Abstract
To simplify content creation processes and improve the realism of 22.2 multichannel system, a method to lo-
calize sound images is derived in this paper, which is an improvement of the method based on vector base
amplitude panning. The sound image localization can be realized by a specific direction and distance. A sound
field is simulated to make spatial impressions in 22.2 multichannel reproduction, which includes reflection and
reverberation, and the simulation approach is based on room impulse response generation with vector compo-
sition. To control the sound pressure on the ears of the listener, the amplitude of the input signal is attenuated
in advance by the distance of sound image. Evaluation experiments were carried out both subjectively and ob-
jectively with binaural recording. The improvement in the reproduction of sound image’s distance is realized,
while the direction of the sound image stays the same as the method based on vector base amplitude panning.

Keywords: 22.2 multichannel, Sound localization

1 INTRODUCTION
With the development of 3-D sound field reproduction technologies, home theater systems are able to create a

more realistic experience. In Japan, NHK (Japan Broadcasting Corporation) has developed the 8K Super Hi-

Vision standard with 22.2 multichannel audio system [1] in recent years. The traditional way of creating create

surround audio contents is using a panning tool to mix the sound signal, but it is difficult to do so in 22.2

multichannel. Besides, the position of a sound image, including distance and direction, is also hard to control

with panning. To solve these problems and make the creation process easier, a new method to create contents

in 22.2 multichannel sound fields has to be developed.

To keep the compatibility with old surround systems, the object-based rendering method Vector Base Amplitude

Panning (VBAP) [2] is used. With the position of sound images, the output signal can be generated automati-

cally based on the configuration of target loudspeaker system. This method focus on the direct sound of objects,

therefore the direction information of sound images is easily generated, but the distance can not be controlled

precisely.

In this paper, a method to localize sound images based on room impulse response (RIR) generation is derived.

This method is described in 3 sections: amplitude correction for input signal, RIR generation, and output signal

generation. The input signal’s amplitude is adjusted by the distance of the sound image, and the RIR of each

channel is generated based on the characteristics of the target sound field and the position of the sound image.

This part can reproduce reflections and reverberations that are key to human perception of the distance of the

sound source. The output signal is generated by the convolution of RIR and the input signal that has been

adjusted in the first part.

2 22.2 MULTICHANNEL AUDIO
The loudspeaker arrangement for a 22.2 multichannel sound system is shown in Fig. 1. The numbers in the

figure are the azimuth angle of loudspeakers. With the loudspeakers being placed in elevation directions, a 3-D
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Figure 1. The loudspeaker arrangement for 22.2 multichannel sound system.

sound field can be reproduced by this system, and sound images can be located from all positions.

3 SOUND IMAGE LOCALIZATION BASED ON VECTOR BASE AMPLITUDE PAN-
NING

In the VBAP based method presented in this section, 3 loudspeakers, which are the closest loudspeakers to the

position of the sound image, is used to localize the sound image, and the gain factors for these loudspeakers

are calculated from the position vector of the sound image.

When the loudspeakers are selected, the gain factors are calculated as

p = (px py pz)
T, (1)

qi = (qi,x qi,y qi,z )
T, (2)

g = (g1 g2 g3)
T, (3)

p = q1g1 +q2g2 +q3g3, (4)⎛
⎝px

py
pz

⎞
⎠=

⎛
⎝q1,x q2,x q3,x

q1,y q2,y q3,y
q1,z q2,z q3,z

⎞
⎠
⎛
⎝g1

g2

g3

⎞
⎠ , (5)

and ⎛
⎝g1

g2

g3

⎞
⎠=

⎛
⎝q1,x q2,x q3,x

q1,y q2,y q3,y
q1,z q2,z q3,z

⎞
⎠

−1⎛
⎝px

py
pz

⎞
⎠ , (6)

where p is the position vector for the sound image, which points to the center of gravity of the selected

loudspeakers, qi is the position vector for the i(∈ {1,2,3})th loudspeaker, and g is the gain factor vector.
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Figure 2. Overview of the proposed method.

The output signal for each channel is generated by the multiplication of the input signal and the gain factors.

This method is used to render the direct sound of the sound image, but due to the position of the sound image

is limited in the area where the selected loudspeakers are, it is hard for the listener to tell the distance of the

sound image. To improve the presence of rendered contents, a new method, which should be able to control

the distance of the sound image, needs to be developed.

4 SOUND IMAGE LOCALIZATION BASED ON ROOM IMPULSE RESPONSE GEN-
ERATION WITH VECTOR COMPOSITION

The overview of the proposed method is shown in Fig. 2. 3 steps are included in this method: amplitude

correction for input signal, design of 22ch RIRs, and output signal generation. Human uses sound pressure and

reflected sound to perceive the distance of the sound image, which is controlled by the first and second step

of this method separately. Amplitude correction is performed based on the 3-D position vector of the sound

image, and 22ch RIRs are designed by an adaptive algorithm, which can simulate the desired sound field for

reproduction. To reproduce the ILD (Interaural Level Difference) and the ITD (Interaural Time Difference) that

are important to human’s perception of direction, the RIRs are also processed with amplitude correction and

delay.

4.1 Input parameters
As shown in Fig. 2, the input parameters are: the input signal x(n), the time index n, the position vector of the

target sound image p = (px py pz)
T, the reverberation time of the desired sound field Td, and the speed of sound

c.

4.2 Amplitude correction for input signal
The amplitude correction for input signal is performed as

x′(n) = αx(n), (7)

α = 10
β
20 , (8)
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Figure 3. The results of the approximation function for distance attenuation.

and

β =

⎧⎪⎪⎪⎨
⎪⎪⎪⎩

−9.55096

(
min

i∈{1,2,··· ,22}
di

)0.47082

if(dC < r)

9.55096

(
min

i∈{1,2,··· ,22}
di

)0.47082

otherwise

, (9)

where β is the distance attenuation in dB from the sound image to the ith loudspeaker, which is calculated

by an approximate function, di is the distance between the ith loudspeaker and the sound image, dC is the

distance between the center of the 22.2 multichannel system and the sound image, and r is the radius of the

22.2 multichannel system. The sound pressure of the sound image is controlled by distance by performing this

step, and the output signal is x′(n). The distance attenuation from Eq. (9) is compared with theoretical value,

and the results are shown in Fig. 3.

4.3 Design of 22ch RIRs
The proposed method generates RIRs by applying subsequent reverberation to early reflection, which is assumed

to be uncorrelated. The early reflection, which is equal to estimated RIRs, is generated by an adaptive algorithm,

which is written as

w = [w0,w1, · · · ,wN−1]
T, (10)

hi(n) = [hi,0(n),hi,1(n), · · · ,hi,N−1(n)]T, (11)

x′(n) = [x′(n),x′(n−1), · · · ,x′(n−N +1)]T, (12)

a(n) = wTx′(n), (13)

a′(n) =
22

∑
i=1

(
hi(n)Tx′(n)

)
, (14)

and

e(n) = a′(n)−a(n), (15)

where w includes the measured RIRs of the reproduction sound field. The RIRs are selected from an RIR

database. N(=80 ms) [3] is the length of hi(n), which are the estimated RIRs. hi(n) is adapted based on LMS

(Least-mean-square) algorithm, where a′(n) is the output signal, a(n) is the target signal, and e(n) is the error

at current sample n. The algorithm is repeated based on the correction amount e(n), which is written as
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hi(n+1) = hi(n)+2μe(n)g′ix
′(n), (16)

where μ is the step size, and g′i is the normalized gain factor. The algorithm for calculating the normalized

gain factor g′i is based on vector composition, which is written as

⎛
⎝px

py
pz

⎞
⎠=

⎛
⎝l1,x l2,x · · · l22,x

l1,y l2,y · · · l22,y
l1,z l2,z · · · l22,z

⎞
⎠
⎛
⎜⎜⎜⎝

g1

g2

...

g22

⎞
⎟⎟⎟⎠ , (17)

and

L =

⎛
⎝l1,x l2,x · · · l22,x

l1,y l2,y · · · l22,y
l1,z l2,z · · · l22,z

⎞
⎠ . (18)

It is assumed that the position vector of the target sound image p points to the center of gravity of the selected

loudspeakers. The gain factor gi can be calculated by Eq. (17), but the matrix L is a nonsingular matrix, and

therefore has no inverse. In this algorithm, the gain factor gi is calculated with L+, which is the pseudo inverse

matrix of L. It is written as

⎛
⎜⎜⎜⎝

g1

g2

...

g22

⎞
⎟⎟⎟⎠=

⎛
⎝l1,x l2,x · · · l22,x

l1,y l2,y · · · l22,y
l1,z l2,z · · · l22,z

⎞
⎠

+⎛
⎝px

py
pz

⎞
⎠ , (19)

and

L+ =

⎛
⎝l1,x l2,x · · · l22,x

l1,y l2,y · · · l22,y
l1,z l2,z · · · l22,z

⎞
⎠

+

. (20)

The gain factors are inversed in channels that are symmetric with respect to the center of the 22.2 multichannel

system. To prevent cancellation in low-frequency band, a normalization process is performed as

g′i =
gi + |gmin|

gmax + |gmin| , (21)

where gmax and gmin are the maximum and minimum values of gi. The output RIRs h′
i(n) are calculated as

h′
i(n) =

[
hi(n)
r(n)

]
, (22)

and

r(n) = [r(n),r(n−1), · · · ,r (n− (Td −N)+1)]T, (23)

which is the result of applying subsequent reverberation to hi(n). The subsequent reverberation is generated

from exponentially attenuated white noise. [4]

4.4 Design of output signals
The output signals yi(n) and yLFE, j(n) are designed based on the RIRs which are calculated in the last section.

The output signals for LFE (Low Frequency Effect) channels in the 22.2 multichannel system are generated by

an LPF (Low-Pass Filter). The algorithm is written as
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yi(n) = h′
i(n)Tx′′(n), (24)

yLFE, j(n) = bTx′′
(

n− d j

c

)
, (25)

b = [b0,b1, · · · ,bTd−1]
T, (26)

and

x′′(n) = [x′(n),x′(n−1), · · · ,x′(n−Td +1)]T, (27)

where x′′(n) is a Td length of signal, which is extracted from the corrected signal x′(n) in Eq. (7). j (∈ {1,2})
is the index for LFE loudspeakers, and b is the LPF for LFE signals. By reproducing these signals through

all the loudspeakers simultaneously, the localization of the sound image is realized, with the direction and the

distance well controlled.

5 OBJECTIVE EVALUATION EXPERIMENT
5.1 Experimental conditions
In this experiment, the objective evaluation of the reproduction accuracy of the sound image was carried out

by calculating the ILD (Interaural Level Difference) [5]. It shows the difference between the sound pressure of

two ears, which are represented by sleft(n) and sright(n). It is written as

ILD = 20log10
|∑Ns−1

n=0 sleft(n)|
|∑Ns−1

n=0 sright(n)|
, (28)

where Ns is the length of binaural signals. Based on the ILD (=0 [dB]) when the virtual sound image exists in

front of the listener, the ideal tendency is that the ILD rises when the sound image is on the left of the listener

and decreases when on the right.

To evaluate the reproduction accuracy of the distance of the sound image, the sound pressure ratio of the

binaural signals was calculated as

E = 10log10
∑Ns−1

n=0 s2
e(n)

∑Ns−1
n=0 s′2e (n)

, (29)

where s′e(n) is the binaural signal e(∈ {left, right}) when the sound image is localized at the reference point.

The sound pressure ratio E tends to decrease because the amount of distance attenuation increases as the dis-

tance of the sound image becomes farther than the reference point.

In this experiment, the conventional VBAP method, the proposed method, and the real environment (recorded

as binaural sound using Neumann KU100 microphone) were compared. To avoid the influence of the physical

loudspeakers, the signals are not recorded (except the real environment), but generated as

se(n) =
22

∑
i=1

ki,e
T(n)yi(n)+

2

∑
j=1

k j,e
T(n)yLFE, j(n), (30)

where ki.e(n) is the BRIR (Binairal Room Impulse Response) from the ith loudspeaker to the binaural micro-

phone, which was measured in advance. Other conditions for this experiment is shown in Table 1.

The direction is in counterclockwise with the front of the listener being 0. The distance represents the distance

from the center of the 22.2 multichannel system. The input signal was a white noise in 16 [bit] / 48 [kHz]. The

step size μ of the adaptive algorithm in the proposed method was 10−12. The adaptive algorithm was repeated

400 times.
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Table 1. Experimental conditions for objective evaluation

Environment Office room

Reverberation time T[60] = 650 [ms]

Direction 0, 30, · · · , 180 [deg.]

Distance 1.0, 2.0, · · · , 5.0 [m]

Height 1.4 [m]

: Real environment (Binaural sound)

: Conventional method

: Proposed method

: Theoretical value
: Real environment (Binaural sound)
: Conventional method
: Proposed method

Figure 4. Left: Experimental results by direction with a distance of 1.0 [m]. Right: Experimental results by

distance with a direction of 30 [deg].

5.2 Results
The results are shown in Fig. 4. When the distance of the sound image was fixed as 1.0 [m], both the

conventional method and the proposed method can reproduce the same transition of ILD that approximates the

real environment. No significant difference was identified between the real environment and the two methods

with a t-test performed, where the significance level is 5%. When the direction of the sound image was fixed

as 30 [deg], the distance of the reference point in Eq. (29) was fixed as 1.0 [m], and the theoretical value was

calculated using Eq. (9), the energy ration tends to decrease as the distance of the sound image going farther,

but due to the fact that the distance controlling is insufficient in the conventional method, the results of the

conventional method are relatively flat, compared to the proposed method, which leads to the conclusion that

the proposed method is able to control the distance of the sound image. Comparing to the real environment, the

energy ratio is greatly reduced with the proposed method, showing that the amplitude correction in the proposed

method needs to be optimized for the reproduction environment.

6 SUBJECTIVE EVALUATION EXPERIMENT
6.1 Experimental conditions
In this experiment, the subjective evaluation of the reproduction accuracy of the sound image was carried out,

which focused on the distance of the sound image. When the direction of the sound image was fixed as 0

[deg], 5 subjects were asked to tell the distance of the sound image. The subjects were also asked to listen to

evaluation signals of 1.0 [m] and 5.0 [m] before the experiment began. Sony MDR-CD900ST headphone was

used for binaural reproduction. Other conditions for this experiment are shown in Table 2.

6.2 Results
The results are shown in Table 3, which represent the average correct answer rate of the 5 subjects. The

improvement on the reproduction of the distance of the sound image was obvious when the distance was set
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Table 2. Experimental conditions for subjective evaluation

Condition Binaural sound Conventional and proposed method

Environment Sound proof room 22.2ch multichannel reproduction room

Temperature 18.7 [◦C] 20.3 [◦C]

Humidity 30.1 [%] 26.1 [%]

Ambient noise level LA = 30.4 [dB] LA = 38.0 [dB]

Table 3. Experimental results for subjective evaluation

Presented distance [m] Binaural sound [%] Conventional method [%] Proposed method [%]

1 60 54 50

3 34 28 28

5 32 2 65

to 5 [m]. Combining the results from the objective evaluation, it is clear that the proposed method has better

control of the distance of the sound image in the range of 3 to 5 [m].

7 CONCLUSIONS
A new method to localize sound images based on RIR generation is proposed in this paper, and the improve-

ment of this method is confirmed comparing the conventional method, which is based on VBAP. This new

method can be used to simplify the content creation process for 22.2 multichannel systems. In the future,

the accuracy of sound image localization based this method can be improved by optimizing parameters of the

adaptive algorithm for other reproduction environments.
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ABSTRACT 
22.2 multichannel audio had been developed for ultra-high definition televisions. It can 
simultaneously reproduce a three-dimensional (3-D) sound field. However, it is difficult to easily 
acquire multichannel signals because of equipment costs and so on. The up-mix algorithm for 
generating multichannel signals from the existing fewer channel signals has been proposed to solve 
this problem. Whereas, the conventional up-mix algorithm has been proposed without the 3-D sound 
source location. As a result, it cannot reproduce the moving sound image in vertical and backward 
directions. In this paper, we propose a novel up-mix algorithm which extends two channel signals to 
22.2 multichannel signals while using the 3-D location of the sound source. Both objective and 
subjective evaluations were carried out to compare with the accuracy of reproduced sound image 
location. Results of the evaluations show that the proposed up-mix algorithm can reproduce 3-D 
moving sound images more accurately than the conventional one. 

 
Keywords: 22.2 multichannel audio, 3-D sound field, moving sound image 

1. Introduction 
New sound field reproduction systems are necessary along with the development of video 

technology. 22.2 multichannel audio [1] is a new reproduction system in conformity with ultra-high 
definition televisions. In the conventional system such as 5.1 multichannel audio, all loudspeakers are 
set on the horizontal plane. Therefore, it cannot reproduce a three-dimensional (3-D) moving sound 
image. 22.2 multichannel audio sets the loudspeakers in three layers: upper, middle and lower. So, it 
can reproduce 3-D moving sound image. 

In 22.2 multichannel audio, the sounds which are recorded by microphones corresponding to each 
direction are reproduced from each loudspeaker. However, this production method is not suitable   
because of the high cost of recording. To solve this problem, we use the up-mix algorithm for 
generating multichannel signals from the existing fewer channel signals. Whereas, the conventional 
up-mix algorithm has been proposed without the 3-D sound source location. As a result, it cannot 
reproduce the moving sound image in vertical and backward directions. In this paper, we propose a 
novel up-mix algorithm which extends two channel signals to 22.2 multichannel signals while using 
the 3-D location of the sound source. In addition, we try to reproduce 3-D moving sound images with 
22.2 multichannel audio using a novel up-mix algorithm. 

2. 22.2 multichannel audio 

2.1 Design 
Fig.1 shows the design of 22.2 multichannel audio. This system can divide three layers: upper, 

middle and lower. It consists of 9 loudspeakers in the upper layer, 10 loudspeakers in the middle layer, 
3 loudspeakers and 2 woofers in the lower layer. These layers can reproduce a 3-D sound field. Fig.2 
shows the label of loudspeakers and the installation interval in each layer. This design is based on the 
conventional study about the optimal installation interval of loudspeakers.  
                                                        
1 is0312ps@ed.ritsumei.ac.jp 
2 nishiura@is.ritsumei.ac.jp 
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Figure 1 - Design of 22.2 multichannel audio. 

   

(a) Upper layer (b) Middle layer (c) Lower layer 

Figure 2 - The label of loudspeakers and the installation interval. 

2.2 Effects 
The listener obtains the following effects [2] for sound field reproduction with the design shown 

in Section 2.1. 
 

i. The arrival of sound from all directions 
ii. Sound localization in any positions 

iii. Construction of high-quality 3-D sound field by reverberation 
iv. Matching of video images and sound images 

 
These effects greatly contribute to high sound field reproduction.  

2.3 Problem 
 Driving 22.2 multichannel audio needs as many as 24 channel signals. One of the ways to generate 

these signals is a recording method using 22 spherical microphones.  However, this method is costly 
because it records sound sources using individually microphones. To solve this problem, we focus on 
up-mix algorithm: generating multichannel signals from the existing fewer channel signals. In this 
paper, we propose a novel up-mix algorithm which extends two channel signals to 22.2 multichannel 
signals while using the 3-D location of the sound source. In addition, we challenge the construction 
of a 3-D moving sound image using generated signals.
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3. Conventional up-mix algorithm based on reverberation separation 

3.1 Overview  
Multi-channel audio requires faithful reproduction of the direct sound and the reverberation. The 
reproduced sound should be separated into the direct sound and the reverberation because the 
reverberation comes from all directions in any places. Therefore, we consider applying conventional 
up-mix algorithm [3] based on the reverberation separation to 22.2 multichannel audio. 

Fig.3 shows the overview of converting two channel signals to 22.2 channel signals using 
conventional up-mix algorithm. The procedure is following. 

 
i. Reverberation separation 

Two channel signals   and   are separated into direct sound   and 
reverberation   using reverberation separation based on Multi-Step Linear Prediction 
(MSLP) [4]. 
 

ii. Frame division 
In this paper, direct sound   and reverberation   divided into   frame to 

reproduce 3-D moving sound image. Divided sounds   and   are 
reproduced from the loudspeaker for each frame;  is the time index in  frame. 
 

iii. 2-D Amplitude panning (direct sound) 
Direct sound   is mapped as 2-D sound image in the left or right using 2-D 

amplitude panning. 2-D amplitude panning is achieved by controlling the amplitudes of two 
channel signals based on added 2-D sound image localization. The coefficients  and 

 to control two channel signals are calculated as follows: 

 (1) 

(2) 

where   is the angle between the listener and the loudspeaker,   is the angle between the 
listener and the sound image at  frame,  denotes the left channel,  denotes the right 
channel. Finally, the two channel signals   and   are calculated as 
follows: 

.        s.t.  (3) 

 

Figure 3 - Conventional up-mix algorithm. 
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Furthermore, the center channel signal  applies the direct sound  
without panning: 

        s.t.  (4) 
  The three generated signals  map specific loudspeakers shown in Fig.4. 
 
iv. Signal extension (reverberation) 

Reverberation  comes from all directions in any spaces. Therefore, it should be reproduced 

by remaining 19 loudspeakers. The generated 19 reverberations  are shown as follows: 

          s.t.  (5) 

where   shows loudspeaker channel to reproduce the reverberation. The 19 generated signals 

 mainly map the rear loudspeakers in Fig.4. 

 
v. Low-pass filtering (bass) 

The bass reproduced from the woofer is generated by the low-pass filter. The standard for 22.2 
multichannel audio [3] defines to play less than 120 Hz as bass. The two basses  apply 
low-pass filter as follows: 

   s.t.  (6) 
where  shows woofer channel,  is the coefficient of the low-pass filter. 

 

3.2 Problem 
The conventional up-mix algorithm separates two channel signals into direct sound and 

reverberation; direct sound is mapped three front loudspeakers, reverberation is mapped remaining 19 
loudspeakers. However, the following two problems occur when trying to apply the generated signals 
to the 22.2 multichannel audio. 

 
i. The difficulty of reproducing the sound field moving up and down 

22.2 multichannel audio needs to reproduce 3-D moving sound image in any spaces. Whereas, 
the conventional up-mix algorithm has been proposed without the 3-D sound source location. We 
should apply 3-D sound image localization method using upper and lower loudspeakers. 
 

ii. The need to generate a large number of reverberations 
In the actual sound field, different reverberations come from all directions due to the reflection  

of the wall and so on. Whereas, the conventional up-mix algorithm generates the same 
reverberations to play 19 loudspeakers. We should adopt a method to generate multiple 
reverberations corresponding to 22.2 multichannel audio. 
 

In this paper, we propose a novel up-mix algorithm using 3-D location of the sound source. 

 

Figure 4 - The mapping method using conventional up-mix algorithm. 
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4. A novel up-mix algorithm using the 3-D location of the sound source 
A novel up-mix algorithm can reproduce a free moving sound image using the 3-D location of the 

sound source. Fig.5 shows the overview of converting two channel signals to 22.2 channel signals 
using a novel up-mix algorithm. The procedure is following. 

 
i. Reverberation separation 

Two channel signals   and   are separated into direct sound   and 
reverberation  in the same manner as conventional up-mix algorithm. 

 
ii. Select loudspeaker 

This algorithm determines the loudspeakers for reproducing direct sound or reverberation based 
on added 3-D location of the sound source. The 3-D localization   is acquired 
automatically or manually from media such as video;  is the distance from listening point to 
loudspeaker,  is the azimuth from listening point to sound source location at  frame,  is 
the elevation from listening point to sound source location at  frame. Direct sound selects three 
loudspeakers close in distance to the sound source location at  frame. The distance  between 
sound source location and loudspeaker is calculated as follows:  

 (7) 

where  is the azimuth from listening point to loudspeaker at  frame,  is the elevation from 
listening point to loudspeaker at   frame. The exception is that the all selected loudspeakers 
should not be in the same layer. 

 
iii. Frame division (direct sound) 

The direct sound   is divided into   frame after loudspeaker selection in Step ⅱ. 
Divided direct sound   is localized in 3-D sound field by Vector Base Amplitude 
Panning (VBAP) [5] in Step ⅳ.  

 
iv. VBAP (direct sound) 

VBAP is one of the 3-D amplitude panning method by vector synthesis, this method realizes 
any 3-D sound localizations. Fig.6 shows that VBAP divides the reproduction space into triangle 
consisting of three loudspeakers and pans amplitude based on the calculated weighting factors 

. The weighting factors  are calculated as follows: 
(8) 

where  is unit vector from the listening point to virtual sound image,  is matrix of 
unit vectors  from the listening point to each loudspeaker. The weighting factors 

 for  frame are obtained by Eq. (8) calculated for each frame. 
 

 

Figure 5 - The mapping method using a novel up-mix algorithm. 
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The panned sounds  are the product of the calculated weighting factors 
 and the direct sound  as follows: 

(9) 
 

v. Block shift method (reverberation) 
Block shift method [6] can artificially generate many impulse responses from an original 

impulse response. Generated impulse responses are similar to the original one and low correlation 
between them. We can generate multiple reverberations by convoluting the impulse responses 
generated by block shift method and the original reverberation. The flow of reverberation 
generation using the block shift method is shown as follows. 

First, original impulse response is divided into multiple   blocks   by time windows 
.  is generated as follows: 

(10) 
where  is the interval between two adjacent time windows,  is reverberation part in the 
original impulse response. 
  Second, each divided block is randomly shifted and replaced by a new block to generate a new 
reverberation part .  is generated as follows: 

(11) 
where  is the total number of   blocks,   is a random number with an uniform   
distribution ranging from  to . 

Finally, we can obtain new 19 channel impulse responses   by combining the direct 
sound part with the reverberation part  . New 19 channel reverberations  are 
calculated as follows: 

(12) 
 
vi. Frame division (reverberation) 

The generated reverberations   are divided into   frame. Divided reverberations 
 map 19 loudspeakers except for three loudspeakers what reproduce direct sound.  

 
vii. Low-pass filtering (bass) 

The basses   for two woofers are generated by the low-pass filter in the same 
manner as conventional up-mix algorithm. 

 
   22.2 multichannel signals generated by the above steps can reproduce a 3-D moving sound image.  

 

Figure 6 - Vector Base Amplitude Panning. 
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5. Evaluation experiment 
We carried out the objective evaluation experiment to confirm the effectiveness of the proposed 

method. 

5.1 Conditions of objective evaluation experiment 
Table 1 shows the experimental conditions. Table 2 shows the experimental equipment.  In this 

experiment, we calculated Interaural Level Difference (ILD) to evaluate the localization direction of 
the 3-D moving sound image. This objective experiment calculates the ILD of three moving sound 
sources; measured sound source, evaluation sound source reproduced by conventional up-mix 
algorithm, evaluation sound source reproduced by proposed up-mix algorithm. Furthermore, we 
identify localization error by calculating the average of ILD errors  between measured sound 
source and evaluation sound source.  is calculated as follows: 

(13) 

(14) 

where   is the total number of   frames,   is frame width,   is the time index in   frame, 
 is the ILD of each evaluation sound source,  is the ILD of each measured sound 

source,  and  are received signals recorded by dummy head microphone. 
We carried out the experiment using six 3-D movement patterns shown in Table 2. 
 

Table 1 - Experimental conditions in objective evaluation. 
Environment Experiment room 

Ambient noise level  37.0 dB 

Reverberation time  300 ms 

Sampling frequency 48 kHz 

Sound source White noise (3 s) 

3-D movement patterns 

 from front right to front left 
 from back left to back right 
 from front up to front down 
 from back down to back up
 from front left to back left  
 from front right to back right 

 
Table 2 - Experimental equipment in objective evaluation. 

Dummy Head Microphone NEUMANN, KU 100 

Loudspeaker YAMAHA, VXS5 

Woofer YAMAHA, VXS10S 

Microphone amplifier THINKNET, MA-2016C 

Loudspeaker amplifier YAMAHA, XMV 8280 

A/D, D/A converter RME, MADIface USB 
 

 

5266



 

 

Figure 7 - The average of ILD errors. 

5.2 Experimental results in objective evaluation 
Fig.7 shows the experimental results. Horizontal axis represents evaluation sound source, and left 

vertical axis represents the average of ILD errors   between measured sound source and 
evaluation sound source. From Fig.8, we confirmed that the average of ILD errors decreased in all 
sound sources. This result suggests that the 22.2 multichannel signals generated by novel up-mix 
algorithm can reproduce a 3-D moving sound image similar to a real sound source.  

6. Conclusions 
In this paper, we proposed a novel up-mix algorithm which extends two channel signals to 22.2 

multichannel signals while using the 3-D location of the sound source. We confirmed the effectiveness 
of the proposed method from an evaluation experiment with interaural level distance. As future works, 
we challenge the reproduction of approach sound based on the control of localization distance using 
a novel up-mix algorithm. 
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ABSTRACT 
Since 2014, Flemish Authorities have installed an auto-regulatory system for cinemas in order to control the 
sound pressure levels during screening of different digital source materials. In preparation of this regulation, 
an acoustic study was necessary to fully understand the existing sound pressure levels and how they are 
generated in different movie theatres. Therefore, the whole sound system was studied in extensive details to 
describe the subsequent steps in the motion-picture multi-channel sound reproduction chains. The analysis 
started at the levels [dBFS] of the DCP 5.1 multichannel digital source signals, passing through the signal 
processing and amplification, integrating the electro-acoustic and room responses at different listening 
positions. As a result, it became clear that in modern digital cinemas with proper room calibration, a good 
prediction of the resulting sound pressure levels can be achieved. This result provides therefore a mean of 
control of the resulting sound pressure levels even before actual playback. Different sources [film, trailer, 
commercial announcement], different sizes of venues and different audience positions were investigated. 
Results of the different analysis steps will be presented and discussed. 
 
Keywords: Cinema, Signal, Loudness 

1. INTRODUCTION 
After having received several complaints about sound pressure levels being too loud in cinemas, 

with even a reported case of tinnitus, the Flemish Authorities decided to have an acoustic study of 
digital cinemas carried out. The aim of the study was to gain knowledge concerning the digital cinema 
industry and the sound pressure levels for the audience (public) at that time in order to prepare a new 
legislation for the hearing protection if it would seem necessary in the light of the obtained results.  

The study was conducted in 2012, with final reporting in February 2013. Further work has been 
undertaken preparing a new regulation imposing a sound management system for the control of the 
sound levels in digital cinemas. This system is managed by the cinemas themselves, with obligation to 
keep logfiles that can be inspected by the authorities. Since the entry into force of this new regulation 
in January 2014, the number of complaints has decreased significantly.    

The full report being available online since 2013, this paper will emphasize on the discussion of the 
performed analyses of the digital loudness and the resulting sound pressure levels in the cinemas.  

For readability of the text, sound pressure levels [dB ref. 20 µPa] are referred to as sound levels. 

2. SCOPE 

2.1 Digital Cinema 
The study concerns digital cinema with source material delivered as an DCP (Digital Cinema 

Package) of the 5.1 audio channel format. In order to have a good understanding how this works out in 
practice, 5 different cinemas were investigated. The selection of those venues targeted different sizes, 
with cinema 1 being the largest one with 684 seats and cinema 5 the smallest venue with 96 seats. 

Throughout the study, following DCP 5.1 source materials were used: 2 movies, 5 cinematic trailers 
and 11 commercials. The first movie is “Ice Age 4 Continental Drift”, where the second movie is “The 
Expendables 2”. Movie 1 being intended for children, was played with the Flemish (Dutch) language. 
The second movie 2 was played with its original English soundtrack. 
                                                        
1 ph@atech-acoustictechnologies.com 
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2.2 Measurement of Sound Levels Playback 
The aim of the authorities was to understand the sound levels that are produced during playback on 

different seating positions. Therefore, besides the more averaging measurement positions as used for 
room calibration, other positions were chosen in order to assess the risk for potential hearing damage 
caused by locally occurring louder sound levels then can be expected in the middle of the seating areas. 

In 5 (to 6) positions detailed and synchronized sound measurements were carried out of LAeq,100ms, 
LA,Slow, LC,peak and of Leq,100ms third octave band with central frequency between 12.5 Hz and 22 kHz. 

In Figure 1 the fixed positions are shown for measurement during playback of all source material.  
 

 
Figure 1 – Principle of distribution of sound level measurement positions over the seating area 

 
Certain positions were specifically chosen being close to or “on axis” of a certain loudspeaker: S1 

closest to the subwoofer, S4 on axis of a surround speaker, S3 at the back in the “focus” point of a 
lateral positioned surround speaker and of a surround speaker positioned behind that seat. 

Each audio channel of the 5.1 source format has its corresponding loudspeaker(s) in the cinema: 
L: left, C: center, R: right, RS: right surround, LS: left surround, LFE: low frequency effect. 
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2.3 Measurements Transfer Function 
In addition to the previous “fixed” measurement positions during playback of the different “clips” 

[movies, trailers, commercials], a second series of measurements has been carried out for a double 
purpose. First to verify the room calibration for each digital channel [L, C, R, RS, LS, LFE] separately 
over the whole audience zone. Secondly to establish the transfer function between each digital channel 
and the resulting sound pressure level at the seats distributed over the whole area. 

To that purpose, a pink noise of well-known digital loudness [dBFS] was played for 30 seconds 
through each of the 6 channels consecutively. Per test sequence, six sound level meters distributed 
over the width of a seating row performed the same type of sound pressure measurements as in 2.2. 
Between 2 sequences, the 6 sound level meters were placed to the next row. For the two largest venues, 
C1 and C2, this was done for each second row. The first and last seating rows were always included. 

Figure 2 illustrates the room calibration check in C3 for the digital Left Surround channel with 
Dolby Pink Noise played at Main Fader 7 (0 dB gain), and the resulting map of C-weighted noise level. 

 
         
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 Figure 2 – Cinema 3: measurement positions and C-weighted noise level map for Dolby pink noise at LS 
The transfer functions between each digital channel of the 5.1 system and the sound level at each 

measurement position were established spectrally with third octave band analysis. 
 

2.4 Calibrated System Setup 
In a digital cinema, many parameters of the total electroacoustic chain are well defined. At the 

source, the DCP 5.1 of a “clip” contains 6 channels of audio (e.g. 48 kHz, 24 bit) with a digital source 
loudness that will not change between cinemas. Secondly, for each digital cinema a room calibration 
has been executed. By sending a wide band audio pink noise signal of a well-known digital loudness 
through each channel separately, one can perform a calibration of the total gain (processor, equalizer, 
amplifier) to obtain an averaged C-weighted sound pressure level [dB ref. 20 µPa] on a set calibration 
positions in the venue: L 85, C 85, R 85, RS 82, LS 82 and LFE 85…88 (varies with room size). 

The calibration process has also an equalization part to obtain a frequency response curve without 
any unacceptable tonal unbalance between different frequencies. Target curves for the frequency 
response are also pursued. Depending on the management of the (rooms of the) cinema(-complex), 
these curves (1) are met with more tolerance because also the subjective sound quality is considered.  

An important element in the calibration process, and evenly important during play-back, is the “MF” 
Main Fader setting of the cinema-processor. Calibration is performed with the Main Fader at 0 dB gain. 
So, after the level calibration (including the equalization) the only gain parameter that can change 
before starting playback of an actual clip is that of a global (frequency-independent) volume control, 
better known as the Main Fader setting (or position) “MF”. 

When discussing sound level measurements, the MF-setting during playback is a key element. 
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3. MEASUREMENT RESULTS 
During the study many sound level measurements and analyses were performed. In the scope of this 

paper some results will be only briefly mentioned. We refer to the report and its appendices (1), where 
all detail (time evolution, averages, …) can be found per source material, cinema, seat-position etc. 

The key-element during the acquisition of the sound pressure levels in a cinema is the MF-setting 
during playback. Whereas the “international industry standard” consists of playing movies at 
MF-setting 7 (which corresponds to a gain of 0 dB according the Dolby-curve), actual playback is at a 
lower setting. The main reason is that cinema managers receive complaints from the visitors about to 
high sound levels. This deviation from 0 dB gain however can vary from one cinema to another. Each 
cinema manager was asked for his playback MF-settings for the different type of source materials 
[publicity, trailer, main movie]. The sound level measurements were done with those MF-settings.  

Table 1 – Main Fader Settings per cinema for different type of source material 
Cinema / Processor TRAILER PUB FILM 1 (children) FILM 2 (action) 

C1 / QSC DCP300  -.- -15.0  -.- -15.0  -.- -10.0  -.- -8.0 

C2 / DOLBY CP650 4.0 -12.0 4.0 -12.0 4.0 -12.0 4.5 -8.3 

C3 / DATASAT AP20 3.5 -17.5 3.5 -17.5 5.0 -10.0 5.0 -10.0 

C4 / DOLBY CP650 3.7 -18.0 3.7 -18.0 4.0 -12.0 3.9 -14.0 

C5 / DATASAT AP20 3.5 -17.5     5.0 -10.0 4.5 -12.5 

 
MAIN FADER SETTING [-]                        GAIN [dB] 

 
In Figure 3, the average LAeq,T over measurement positions S1 to S6 is shown for the 5 cinemas. 

 
Figure 3 – Average (S1-S6) of LAeq,T, Film for the 5 cinemas 

C3*: Measurement with Main Fader Gain -12.5 dB, Normal operation with Main Fader Gain - 10 dB 
 
The average over 5 cinemas of LAeq,T,Film1 is 73 dB, and for the second movie LAeq,T,Film2 80 dB. 
 
In the report (1) all results are presented and discussed in detail. The report, the annexes, technical 

details and information can be found on: https://www.lne.be/geluidszorg-in-bioscopen. Some global 
statistics however are interesting when looking at the resulting sound pressure levels in the cinemas for 
the assessment of the risk for potential hearing damage. The behavior of LA,Slow,max and LC,peak was very 
similar for both movies 1 and 2, considering all positions S1 to S6 over all 5 cinemas. The value of 
LA,Slow,max exceeds that of the LAeq,T,Film with at least 11 dB, but never more than 16 dB. The value of 
LC,peak exceeds that of the LAeq,T,Film with at least 30 dB, but never more than 38 dB. Global averaging 
yields LA,Slow,max = LAeq,T,Film + 13 dB and LC,peak = LAeq,T,Film + 34 dB. In the annexes (1) all the detailed 
analyses [C1-C5, S1-C6, Channels, …] are presented for the movies, the trailers and the commercials. 
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4. DIGITAL LOUDNESS AND SOUND LEVELS 

4.1 Digital Loudness 
The movie source material is delivered as a DCP 5.1 containing 6 channel digital audio. This DCP 

remains unaltered between cinemas. So, analyzing the source can yield useful information when 
analyzing the rest of the reproduction chain up to the resulting sound pressure levels in the cinemas. 

Different schemes for the calculation of the loudness and other metrics of 5.1 channel clips exist. 
The methods are based on the energy summation of the different channels, they can use different 
frequency-weightings and the results are expressed in [dBFS] (dB ref. Full digital Scale). 

The analyses were digitally performed on the DCP of each clip to calculate the Leq,Tclip [dBFS] to 
obtain the multi-channel global M-weighted (3), A-weighted and the K-weighted (5) values. The latter 
can also be found as LUFS, Loudness Units ref. Full Scale according (6) for as long as the non-gated 
integration method is performed (which is the case in the study and this paper). 

The A- and M-weighted values are obtained by summing all channels, but with a gain correction of 
-3 dB for left and right surround channels to reflect the room calibration for those 2 channels. The 
results for the K-weighted values are obtained with the non-gated integration method according ITU-R 
BS.1770 and corresponds to the LUFS-value. For LUFS, the LFE-channel is not taken into account and 
a correction of + ~1.5 dB is applied on the surround channels before summing and a global correction 
of -0.691 dB on the over all channels summed value. All W(K)-loudness values correspond to LUFS. 

The figure 4 shows the different frequency weightings. 

 
 Figure 4 – Frequency weightings – applicable in the digital and/or the acoustic domain 

 
In Table 2 the results of the digital loudness calculation on various clips are shown.  

Table 2 – Digital Loudness Analysis performed on the DCP 5.1 

 
Remark: a non-gated integration in the loudness methods, corresponds to the same operation as for 

the calculation of the “equivalent value” Leq,T in acoustics. 

  W(A) W(M) W(K)    W(A) W(M) W(K) 
TRAILER 1 -21 -23 -17  PUB 1 -21 -24 -15 

 2 -21 -23 -16   2 -23 -23 -19 
 3 -22 -24 -19   3 -22 -23 -17 
 4 -22 -23 -16   4 -24 -22 -20 
 5S -20 -23 -15   5 -24 -22 -20 
 5L -21 -23 -16   6 -25 -23 -20 

MOVIE 1 -27 -29 -23   7S -21 -23 -14 
 2 -20 -21 -15   8 -21 -24 -16 
  Leq,T [dBFS]   9 -21 -25 -17 
       10 -21 -23 -18 
       11 -18 -18 -15 
        Leq,T [dBFS] 
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During the study there was also an opportunity to perform in a production studio a Leq(M) analysis 
on the electric signals with a “hardware” Dolby Loudness meter Type 737 on 2 trailers and 4 
commercials. The 5 clips produced for 85 Leq(M) dB, yielded in the digital domain W(M) -23 [dBFS]. 
One clip at 90 Leq(M) dB on the loudness meter, yielded W(M) -18 [dBFS] in the digital domain. 

 

4.2 Main Fader 
As discussed above, digital cinemas have a calibrated playback chain. After calibration, the only 

factor that will influence - under normal operation conditions not causing any clipping of the 
amplifiers and in absence of any compressing or limiting - the sound level in the cinema is determined 
by the gain set through the Main Fader of the cinema processor (i.e. Linear Time Invariant System). 

During the study and discussion with the whole sector (studios, postproduction, cinemas, …) the 
Main Fader setting is the common variable in the loudness discussions. According the Dolby Curve, 
Main Fader position “7” corresponds to a main gain of 0 dB, at which room calibration is performed. 
Playback is in general not done at this level, but at a lower setting. As this is a key element for all 
parties concerned, the gain-curves of the cinema processors were tested and compared. The QSC- 
processor (C1) has no Main Fader “position” but indicates directly the applied main fader gain in dB.  

Figure 5 shows the real gain curves as a function of the Main Fader position on the different 
processors. All curves pass through 0 dB at MF 7, a zoom is made on fader settings from 3.0 to 5.5. 

 

 
Figure 5 – Gain as a function of Main Fader Setting on the processors versus theoretical curve 

 
One can see that the actual gain in dB corresponding to the same Main Fader setting on different 

cinema-processors can vary significantly. So before discussing the sound levels in a cinema for a 
certain (new) movie, one should verify that everyone talks about the same (main fader) gain in dB. 

This is of the utmost importance for present and future discussions about how to handle loudness in 
cinema, from production stages to the final viewing and listening in the cinemas.  

4.3 Measured Sound Levels versus Digital Loudness 
In this part, the relationship between the digital loudness and the measured sound pressure LAeq,Tclip 

will be discussed. For this operation, all sound level pressure results measured with a MF setting  
under 7 are “amplified back” to a (main) gain of 0 dB. So, the actual gain in dB of the processor is used 
and not that what the theoretical Dolby Curve indicates for the specific fader position whilst playback. 

In Table 3 the measured sound level LAeq,T [dB ref. 20 µPa] averaged over all positions S1-S6, for 
each cinema separately and for the average C1-C5 are presented for playback at gain 0 dB (“MF 7”). 

Main Fader Setting

[ 3.0 - 5.5 ] DATASAT AP20 DOLBY CP650 Dolby Curve

5.5 -7.5 -5.0 -5.0

5.4 -8.0 -5.3 -5.3

5.3 -8.5 -5.6 -5.7

5.2 -9.0 -6.0 -6.0

5.1 -9.5 -6.3 -6.3

5.0 -10.0 -6.6 -6.7

4.9 -10.5 -6.9 -7.0

4.8 -11.0 -7.3 -7.3

4.7 -11.5 -7.6 -7.7

4.6 -12.0 -8.0 -8.0

4.5 -12.5 -8.3 -8.3

4.4 -13.0 -9.0 -8.7

4.3 -13.5 -9.8 -9.0

4.2 -14.0 -10.5 -9.3

4.1 -14.5 -11.3 -9.7

4.0 -15.0 -12.0 -10.0

3.9 -15.5 -14.0 -12.0

3.8 -16.0 -16.0 -14.0

3.7 -16.5 -18.0 -16.0

3.6 -17.0 -20.0 -18.0

3.5 -17.5 -22.0 -20.0

3.4 -18.8 -24.0 -22.0

3.3 -20.1 -26.0 -24.0

3.2 -21.4 -28.0 -26.0

3.1 -22.7 -30.0 -28.0

3.0 -24.0 -32.0 -30.0

[-]

CINEMA PROCESSOR

GAIN [dB] -35

-30

-25

-20

-15

-10

-5
3.0 3.5 4.0 4.5 5.0 5.5

DATASAT AP20 DOLBY CP650 Dolby Curve
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Table 3 – Measured sound levels LAeq,T [dB ref. 20 µPa] for Main Fader Gain 0 [dB] (“MF 7”) 

 
The relationships between the different digital loudness metrics Leq,Tclip [dBFS] as discussed in 4.1, 

and the measured sound pressure level LAeq,Tclip [dB ref. 20 µPa] at Main Gain 0 dB were investigated. 
Even though there seems to be some sort of reluctance (in standards, in the community) to use the 

A-weighting in the digital domain, it was included nevertheless because the aim of this study was to 
specifically assess the risk of hearing damage. To that purpose, many limits for exposure during 
diverse leisure activities are determined for the A-weighted sound pressure values [dB ref. 20 µPa].  

Moreover, having a fully calibrated digital chain at disposal together with in an amplitude and 
(rather good) in frequency calibrated rooms, this should be an interesting relation to investigate. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

(a) A-weighted                (b) K-weighted [LUFS]             (c): M-weighted 

Y-axis: Sound level LAeq,T [dB ref. 20 µPa], X-axis: Leq,T Digital Loudness 5.1 CH [dBFS] 

Figure 6 – Measured sound levels with main fader at 0 dB gain as a function of digital loudness 
When analyzing the relationships, the best correlation +/- 1 dB is obtained with the A-weighted 

digital loudness of the source material. The K-weighted digital loudness (= non-gated LUFS) performs 
not so good as the A-weighting but accepting the bigger spread +/- 2 dB it remains still a good indicator. 
The M-weighted digital loudness has the biggest spread (+2.5 / -4.5 dB) and does not seem appropriate 
at all in predicting the sound pressure level LAeq,Tclip [dB ref. 20 µPa] in the cinemas. 
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4.4 Controlling the Sound Levels 
With the established relationships of Figure 6, two ways of controlling the sound levels are feasible. 

Suppose one wants to limit the sound pressure level to LAeq,T,ActionMovie 80 [dB ref. 20 µPa].  
For movie 2, with loudness values A-weighted -20 [dBFS] and -15 [LUFS], both predictions give 

an expected (averaged) LAeq,T 90 [dB ref. 20 µPa]. Setting the main fader gain at -10 dB will do the job. 
A second method could consist of a playback at 0 dB main fader gain, corresponding to “MF 7”. To 

limit the (averaged) sound levels, the digital source loudness should be controlled. Inverting the 
relationships, the loudness limits (for any movie) are found: A-weighted -29 [dBFS] and -27 [LUFS]. 

5. CONCLUSIONS AND FINAL REMARKS 
As one of the outcomes of the study, the relation between the digital loudness of the source material 

DCP 5.1 and the resulting A-weighted sound pressure levels in 5 cinemas was investigated. With the 
results of an extensive measurement campaign during playback, the analysis of the whole digital chain 
together with the verification of the room calibration and the check of the real gain in dB as function of 
the main fader position, predicting the sound levels is possible once the digital loudness is known. 

Although the number of sampled movies is small, together with all the other clips the correlation 
between the A-weighted digital loudness and the resulting +/- 1 dB A-weighted sound pressure levels 
is very good. The LUFS (non-gated) performs a bit less precise with a +/- 2 dB spread. 

The goal is not to discard existing tools and expertise in the management of the (digital) loudness of 
movies, trailers and commercials. However, besides the LUFS loudness one could easily calculate an 
A-weighted loudness (with – 3 dB correction for surround channels) in order to have very useful 
meta-data for cinema managers all over the world that are confronted by regulations imposing limits to 
the sound levels and/or that just want to avoid customers complaining about too loud sound levels. 

During the discussion of the results, no digital loudness target is proposed. The creative process as 
such should not suffer (too much) from any sound pressure level control when using all available tools.  

More research is necessary to include more movies and cinemas in the datasets. Also, the dynamics 
should be further considered. Other loudness metrics exists also: short-term (3 s), momentary (400 ms) 
loudness and TPL: true peak level analysis. Further investigations of the relations between the first 
two and LAeq,1sec,max sound levels, and between TPL and LC,peak sound levels are recommendable. 

For the same reason as above, no limit for the LRA loudness range (dynamic) is proposed. Keeping 
in mind that many cinema visitors do not like very high sound levels at all (besides potential hearing 
damage) and the fact that (other) legal initiatives may be imposed, the industry can only benefit of 
further data-collection and the development of new tools with an open mind. This will enable the 
whole sector to make their own proposals for the necessary sound level management in cinemas.  
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ABSTRACT 

The paper presents general method of analysing acoustic mufflers or other duct-like systems assuming 

propagation of a multimode wave and applying the multiport method. Apart from the main propagating tube 

and expansion chambers the analysed device may contain segments of annular duct (concentric or without 

the central tube) branch resonators, cavities and cavity diaphragms. Systems of such complicated geometrical 

structure have been widely analysed under the assumption that the wave propagating through any element is 

the plane wave. Thus the problem could have been analysed by means of the two-dimensional transfer 

matrices (or others equivalents) derived from conditions of conservation of the acoustic pressure and the 

volume velocity across each discontinuity. However, the assumption of the pure plane propagation across 

every element of the acoustic system imposes strong limitations on the excitation frequency or the radius of 

the duct segments as the Helmholtz number should not exceed the value of 1.84 which represents the 

non-dimensional cut-on frequency of the first circumferential mode. If the excitation and the system are 

axially symmetric the limited value of the Helmholtz number raises to 3.83. The analysis is carried out by 

means of the scattering matrix which can finally be transformed into transmission matrix. 

 

Keywords: Acoustical multi-port, Scattering matrix, Multimode wave, Muffler 

1. INTRODUCTION 

The aim of the paper is to present a general method of analysing acoustic systems of complicated 

geometry assuming propagation of a multimode wave and applying the multiport method. Th is 

analysis will be carried out within the linear theory which allows not only to split the system into a 

network of sub-systems but also to apply the procedure consisting of subsequently reducing the range 

of the admittance or the scattering matrix describing the system as a whole. In the carried out analysis 

each sub-system (multi-port) corresponds to a certain wave transmission path. The procedure can be 

applied step by step to each of the internal sub-systems leading finally to a matrix representing only the 

external ports, most frequently the tail and the outlet pipe. Thus the paper presents general method to 

analyse the acoustic mufflers’ or other duct-like systems to which the multi-port method can be 

efficiently applied.  

Apart from the main propagating duct and expansion chambers the analysed device may contain 

segments of annular duct (concentric or not with the central tube) branch resonators, cavities and 

cavity diaphragms. Systems of such complicated geometrical structure have been widely analysed 

under the assumption that the wave propagating through any element is the plane wave [ref] and 

neglecting the generation of some other duct modes at the duct discontinuity (junction). Thus the 

problem might have been analysed by means of the two-dimensional matrices (impedance, admittance, 

scattering, transmission or others equivalents) derived from conditions of conservation of the acou stic 

pressure and the volume velocity across each discontinuity. It is well known that the assumption of the 

plane wave propagation across every element of the acoustic system imposes strong limitations on the 

excitation frequency or the radius of the duct segments as the Helmholtz number should not exceed the 

value 1.84 which represents the non-dimensional cut-on frequency of the first circumferential mode. If 

the excitation and the system are axially symmetric the limited value of the Helmholtz number rai ses 

to 3.83. However, this approach applied to the simplest muffler composed only of one expansion 

chamber led to significant errors in calculating the transmission loss (TL) for frequencies considerably 
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lower than the limited ones [1]. The source of this discrepancy is an insufficient adjustment of the 

boundary condition on the junction being a consequence of applying the conditions of conservation of 

the acoustic volume velocity across each discontinuity. The presented method in which at a certain 

point of the calculations the sub-systems are analysed separately allows fulfilling the boundary 

condition with prescribed accuracy without significant increase of the computational costs.  

The first attempt was to model the muffler design in the low frequency limit (only the plane wave 

propagation) as a two-port in analogy to the four-pole electric circuit [2-4]. In this case the analogy can 

be applied straightforwardly. More recent was application of the electric network method to model 

muffler design assuming propagation of a multimode wave [4-6] which introduced a necessity to 

define what will be called the acoustic multi-port. Abom [8] and some other authors [2-7] define the 

acoustic multi-port depending on the number of state variables which completely describe the state of 

a certain black box. Thus, the definition is not related to the number of the connected ducts and the 

topology of the acoustic system. This approach has several advantages, one of which is that it provides 

information on the number of degrees of freedom i.e. on the size of the matrix representing 

relationship between ingoing and outgoing waves (input and output variables, in general). Another 

possibility is to relate the definition to the number of joints (straight ducts most frequently) [ 9] which 

is compatible with the topology of the acoustic system and also is independent of the carried out 

frequency range analysis. This approach will be applied subsequently 

The analysis is carried out by means of the scattering matrix which can be finally  transformed into 

the transmission matrix to calculate the transmission loss.  

2. APPLICATION OF THE THEORY OF THE MULTI-PORTS TO ACOUSTICS 

2.1 Electrical and acoustical multi-ports  

The multiport method applied in acoustic origins from electric network analysis, in which a port 

connects the poles of a black box and describes the relation between incident and outgoing waves 

represented by the state variables. Most frequently the chosen state variables are the electric current 

and the voltage in electrical multi-ports and the sound pressure and the acoustic velocity in acoustical. 

In the electric circuits analysis the number of poles corresponds to the  number of the degrees of 

freedom represented by flowing electric currents each of which needs a separate wire (joint in 

topological representation) and is compatible with the number of joints appearing in an acoustical 

system as far as propagation of the plane wave only is considered (the so-called low frequency 

approximation. 

 

Figure 1 – Acoustic 3-port with joints of different size, N=N1+N2+N3 port in acousto-electrical analogies 

However substantial differences originate from the fact that in general many modes can propagate 

in a duct depending on the duct size (dimensions in rectangular, radius in cylindrical ect.) and the 

excitation frequency. For example, for a port with 3 connected joints represented by ducts of 

differentiated geometry, the total number of modes can be N=N1+N2+N3, depending additionally on 

the frequency. Thus, within the straightforwardly applied acoustical-electrical analogies it will be 

called N-port, with N depending on frequency. It seems that in the sound field analysis the number of 

joints is essential, as it determines the geometry (topological representation) of the system under 

consideration, and that is why we have introduced the concept of an acoustic n-port defined by the 

number of ducts coupled to the tested element. 

As a result a selected acoustical sub-system connected to some others by n-joints (ducts) will be 

called the acoustical n-port independently on the radiuses of different ducts and the frequency of 

excitation. 
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2.2 Basic assumptions  

An acoustic system can be analysed as an acoustic multi-port (Fig. 2) under the following 

assumptions: 

1. The phenomena fulfil the assumptions of linearity. 

2. Subsequent multi-ports (sub-systems) are connected by duct-like elements of a constant cross 

sections called joints. 

3. It allows describing the acoustic pressure as a superposition of duct modes which means 

decomposition into a series of eigenfunctions. 

4. The wave propagating in a joint can be decomposed into a wave going out of the black box 

element and going into it.  

5. The joints are long enough to consider only the propagating waves at a selected cross section 

i.e. neglect the near field effects appearing close to the system discontinuity. 

6. The selected duct cross section fulfilling the above assumptions is called a port.  

7. There is a certain freedom in choosing the position of the port as the change in its localizations 

will result only in a change of phase of the state variables. 

8. At a port the wave can be described by a one column vector of modal sound pressures and 

acoustic velocities (impedance or admittance approach) or, equivalently by the vectors of the 

ingoing and outgoing modal sound pressures (scattering matrix approach S). 

In what fallows the scattering matrix approach will be applied. 

 

a)  b)  

Figure 2 – a) Topological representation of an exemplary acoustical systems: A, B, C, D – sub-systems 
(multi-ports), A and B – three-ports, C and D –two-ports, joints with marked ports: 1 and 2 – external, 3, 4, 5 
and 6 – internal; b) at a given port the acoustic pressure of each wave mode outgoing from one sub-system 

equals the acoustic pressure of the corresponding in-going mode of the consecutive sub-system. 

3. THE SCATTERING MATRIX APPLIED TO ACOUSTICAL SYSTEM COMPOSED 

OF MULTI-PORTS  

3.1 Theoretical basis  

Let us consider an acoustical system composed of some multi-ports as presented in Fig.2. Our goal 

is to analyse its property by means of the scattering matrix. The final result is to derive the dependence 

between the state variables of the external ports (1and 2 in Fig. 2). In the scattering matrix approach it 

means the relation between the modal acoustic pressures of the ingoing and outgoing waves. In many 

technical applications, such as muffler design it allows to predict the transmission loss and analyse its 

variation due to changes in the muffler geometry. 

In general, considering sources present within the acoustical system the modal sound pressures of 

the outgoing wave modes 𝑷 
𝒐𝒖𝒕  depends on the scattering matrix 𝑺 and the pressures of the internal 

sound sources 𝑷 
𝒔𝒓   

𝑷 
𝒐𝒖𝒕 = 𝑺 × 𝑷 

𝒊𝒏 + 𝑷 
𝒔𝒓  (1) 

where 𝑷, 
𝒐𝒖𝒕 𝑷 

𝒊𝒏 , 𝑷 
𝒔𝒓  are represented by one column matrices composed of modal pressure amplitudes 

at a selected duct cross sections where the phenomena of the near field can be omitted.  
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𝑷𝒊𝒏 = 

[
 
 
 
 
 
 
 
 
 
[ 𝑷𝟏
𝒊𝒏 ]

[ 𝑷𝟐
𝒊𝒏 ]

[ 𝑷𝟑
𝒊𝒏 ]

]
 
 
 
 
 
 
 
 
 

           𝑷𝒐𝒖𝒕 = 

[
 
 
 
 
 
 
 
 
 
 
[ 𝑷𝟏
𝒐𝒖𝒕 ]

[ 𝑷𝟐
𝒐𝒖𝒕 ]

[ 𝑷𝟑
𝒐𝒖𝒕 ]

]
 
 
 
 
 
 
 
 
 
 

 (2) 

The procedure leading to the final result relies, as will be presented below, on reducing step by step 

the dimension of the scattering matrix representing the system as a whole by subsequently eliminating 

the selected ports.  

Let us assume that in the analysed system we can distinguish two sub-systems which constitute a 

five-port and are connected by a joint in a form of a straight duct merging port 2 with port 4. The 

presented method relies on reducing the range of the multi-port to a lower number by joining port 2 

with port 4.  

Next step is denoting these ports as a and b and the corresponding modal sound pressure matrices 

by 𝑷𝒂
  and 𝑷𝒃

 . Applying the relations and introducing new symbols to better distinguish the selected 

joint  

𝑷 
𝒊𝒏

𝒂
 = 𝑷 

𝒐𝒖𝒕
𝒃
 = 𝑷𝑨                       𝑷 

𝒊𝒏
𝒃
 = 𝑷 

𝒐𝒖𝒕
𝒂
 = 𝑷𝑩 (3) 

 

equation Eq. 1 takes the form 

[
 
 
 
 
 

𝑷 
𝒐𝒖𝒕

𝟏
 

𝑷 
𝒐𝒖𝒕

𝑩
 

𝑷 
𝒐𝒖𝒕

𝟑
 

𝑷 
𝒐𝒖𝒕

𝑨
 

𝑷 
𝒐𝒖𝒕

𝟓
 ]
 
 
 
 
 

⏟    
𝑷 

𝒐𝒖𝒕

=

[
 
 
 
 
 
𝑺𝟏,𝟏 𝑺𝟏,𝒂 𝑺𝟏,𝟑 𝑺𝟏,𝒃 𝑺𝟏,𝟓
𝑺𝒂,𝟏 𝑺𝒂,𝒂 𝑺𝒂,𝟑 𝑺𝒂,𝒃 𝑺𝒂,𝟓
𝑺𝟑,𝟏 𝑺𝟑,𝒂 𝑺𝟑,𝟑 𝑺𝟑,𝒃 𝑺𝟑,𝟓
𝑺𝒃,𝟏 𝑺𝒃,𝒂 𝑺𝒃,𝟑 𝑺𝒃,𝒃 𝑺𝒃,𝟓
𝑺𝟓,𝟏 𝑺𝟓,𝒂 𝑺𝟓,𝟑 𝑺𝟓,𝒃 𝑺𝟓,𝟓]

 
 
 
 
 

⏟                    
𝑺

×

[
 
 
 
 
 
𝑷 

𝒊𝒏
𝟏
 

𝑷 
𝒊𝒏

𝑨
 

𝑷 
𝒊𝒏

𝟑
 

𝑷 
𝒊𝒏

𝑩
 

𝑷 
𝒊𝒏

𝟓
 ]
 
 
 
 
 

⏟  
𝑷 

𝒊𝒏

+

[
 
 
 
 
 
 
𝑷 

𝒔𝒓
𝟏
 

𝑷 
𝒔𝒓

𝒂
 

𝑷 
𝒔𝒓

𝟑
 

𝑷 
𝒔𝒓

𝒃
 

𝑷 
𝒔𝒓

𝟓
 ]
 
 
 
 
 
 

⏟  
𝑷 

𝒔𝒓

 
(4) 

At this stage it is possible to calculate 𝑷𝑨 and 𝑷𝑩 performing the following matrix operations: 

[
𝑷𝑩
𝑷𝑨
] = [

𝑺𝒂,𝒂 𝑺𝒂,𝒃
𝑺𝒃,𝒂 𝑺𝒃,𝒃

] × [
𝑷𝑨
𝑷𝑩
] + [

𝑬
𝑭
] (5) 

 

where: 

[
𝑬
𝑭
] = [

𝑺𝒂,𝟏 𝑺𝒂,𝟑 𝑺𝒂,𝟓
𝑺𝒃,𝟏 𝑺𝒃,𝟑 𝑺𝒃,𝟓

] × [

𝑷 
𝒊𝒏

𝟏
 

𝑷 
𝒊𝒏

𝟑
 

𝑷 
𝒊𝒏

𝟓
 

] + [
𝑷 

𝒔𝒓
𝒂
 

𝑷 
𝒔𝒓

𝒃
 ] (6) 

and so 

 

[
    𝑺𝒂,𝒂    𝑺𝒂,𝒃 − 𝑰

𝑺𝒃,𝒂 − 𝑰     𝑺𝒃,𝒃   
] × [

𝑷𝑨
𝑷𝑩
] = − [𝑬

𝑭
] (7) 

The above considerations lead to the algorithm composed of some steps described below. 

3.2 Algorithm for reducing the range of the scattering matrix  

In what fallows the algorithm for merging two ports of an acoustical system is derived. The 

algorithm consists of the subsequent calculations: 

 Construction of the U matrix such as  
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𝑼 = [
    𝑺𝒂,𝒂    𝑺𝒂,𝒃 − 𝑰

𝑺𝒃,𝒂 − 𝑰     𝑺𝒃,𝒃   
] (8) 

 

 Derivation of the inverse matrix 𝑻 = −𝑼−𝟏 divided into segments corresponding to matrix 𝑺 

segments 

𝑻 = [
𝑻𝒂,𝒂 𝑻𝒂,𝒃
𝑻𝒃,𝒂 𝑻𝒃,𝒃

] = −𝑼−𝟏 

 

(9) 

 Modification of the sub-matrices of the 𝑺 matrix according to the formula 

𝑺′𝒊,𝒌    = 𝑺𝒊,𝒌 +𝑺𝒊,𝒂 × 𝑻𝒂,𝒃 × 𝑺𝒃,𝒌
+𝑺𝒊,𝒂 × 𝑻𝒂,𝒂 × 𝑺𝒂,𝒌
+𝑺𝒊,𝒃 × 𝑻𝒃,𝒃 × 𝑺𝒃,𝒌
+𝑺𝒊,𝒃 × 𝑻𝒃,𝒂 × 𝑺𝒂,𝒌

 (10) 

where both indices i and k do not take values a and b 𝑖 ≠ 𝑎,   𝑖 ≠ 𝑏 and 𝑘 ≠ 𝑎,   𝑘 ≠ 𝑏.  

 

 Modification of the source sub-matrices 𝑷 
𝒔𝒓  according to the formula 

𝑷 
𝒔𝒓 ′𝒊    = 𝑷 

𝒔𝒓
𝒊 +𝑺𝒊,𝒂 × 𝑻𝒂,𝒃 × 𝑷 

𝒔𝒓
𝒃

+𝑺𝒊,𝒂 × 𝑻𝒂,𝒂 × 𝑷 
𝒔𝒓

𝒂

+𝑺𝒊,𝒃 × 𝑻𝒃,𝒃 × 𝑷 
𝒔𝒓

𝒃

+𝑺𝒊,𝒃 × 𝑻𝒃,𝒂 × 𝑷 
𝒔𝒓

𝒂

 (11) 

where 𝑖 ≠ 𝑎,   𝑖 ≠ 𝑏. 

 

 Finally the formula for the multi-port of a range reduced by two (from a five-port to a three-port) 

described by the scattering matrix is obtained 

[

𝑷 
𝒐𝒖𝒕

𝟏
 

𝑷 
𝒐𝒖𝒕

𝟑
 

𝑷 
𝒐𝒖𝒕

𝟓
 

]

⏟    
𝑷 

𝒐𝒖𝒕

= [

𝑺′𝟏,𝟏 𝑺′𝟏,𝟑 𝑺′𝟏,𝟓
𝑺′𝟑,𝟏 𝑺′𝟑,𝟑 𝑺′𝟑,𝟓
𝑺′𝟓,𝟏 𝑺′𝟓,𝟑 𝑺′𝟓,𝟓

]

⏟            
𝑺′

× [

𝑷 
𝒊𝒏

𝟏
 

𝑷 
𝒊𝒏

𝟑
 

𝑷 
𝒊𝒏

𝟓
 

]

⏟  
𝑷 

𝒊𝒏

+ [

𝑷 
𝒔𝒓 ′𝟏

𝑷 
𝒔𝒓 ′𝟑

𝑷 
𝒔𝒓 ′𝟓

]

⏟    
𝑷′ 

𝒔𝒓

 
(12) 

The above presented algorithm can be applied to any two ports represented by matrices 𝑺𝑨 and 𝑺𝑩, 

not necessarily connected at the first stage. In the first step the scattering matrix comprising both ports 

has to be constructed  

𝑺𝑨𝑩 = [
𝑺𝑨 𝟎
𝟎 𝑺𝑩

] (13) 

 

The next step consists of merging these two ports applying the above algorithm.  

 

4. THE SCATTERING MATRIX OF SOME MUFFLERS’ ELEMENTS 

The elements encountered most frequently in the mufflers’ design are straight ducts of given length 

and different cross-section, hard or finite impedance lids, duct outlets – baffled or unflanged etc. In a 

straight duct the sound pressure of a mode n can be divided at a given cross section into parts 

representing waves going upstream and downstream.  

4.1 Duct terminations as an acoustical one-port 

If the duct is terminated by a lid of a given acoustic impedance the termination can be analysed as 

an acoustical one-port with the scattering matrix  

𝑆𝑛𝑘 = (
𝑦𝑛 − 𝑌

𝑦𝑛 + 𝑌
) 𝑛𝑘 (14) 
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where 𝑦𝑛 is the modal admittance 𝑦𝑛 = 𝑘𝑧,𝑛𝑘
−1, and 𝑌 is the non-dimensional acoustic admittance of 

the lid surface, and 𝑛𝑘 is the Kronecker delta function, which means that the matrix 𝑺 is diagonal.  
For an infinite duct or a duct terminated with non-reflecting surface or anecoic termination the 

scattering matrix 𝑺 = 𝟎 as there are no out-going waves. 
For an open end of a duct the scattering matrix is composed of the reflection and transformation 

coefficients, which have been derived analytically for a circular flanged [10] or unflanged [11, 12] duct.  

4.2 Straight duct of a given length as an acoustical two-port  

In a straight duct the sound pressure of a mode n can be divided at a given cross section into parts 

representing waves going upstream and downstream 

𝑃𝑛(𝑧) = 𝑃𝑛
+(𝑧) + 𝑃𝑛

−(𝑧) (15) 

where  

𝑃𝑛
+(𝑧) = 𝑃𝑛

+𝑒−𝑖𝑘𝑧,𝑛𝑧 (16) 

and 𝑃𝑛
+ is the mode amplitude, and 𝑘𝑧,𝑛 is the axial wave number. Thus the scattering matrix for a duct of 

length 𝑑 is 

𝑺 = [
0 diag[ exp(−𝑖𝑘𝑧,𝑛𝑑)]

diag[ exp(−𝑖𝑘𝑧,𝑛𝑑)] 0
] (17) 

The values of the axial wave numbers 𝑘𝑧,𝑛 are obtained solving the wave equation with adequate 

boundary condition and are known for ducts of cylindrical symmetry, plain or annular, with all three 

kinds of the boundary condition, and for ducts of rectangular and equilateral triangle cross-section. For 

more complicated shapes the scattering matrix has to be calculated by means of some numerical 

methods such as FEM, BEM or similar.  

 

4.3 Junction of pipes with different cross-sections as an acoustical multi-port 

 

  

Figure 3 – An example of an acoustical multi-port 

 

Junction of pipes with different cross-sections constitutes an acoustical multi-port. Junction of two 

pipes of different radiuses constitute an acoustical two-port, while Fig. 3 represents an acoustical 

three-port consisting of a tail pipe A and an annular duct C connected to a larger pipe B. 

The boundary condition of the sound pressure and the normal component of the acoustic velocity 

continuity have to be fulfilled across the junction, which means  

𝑝𝐿(𝒙) = 𝑝𝑅(𝒙), 𝑣𝐿(𝒙) = 𝑣𝑅(𝒙), (18) 

where 𝒙 represents a point on a junction cross-section, indices L and R describe the left and the right 

side of it and the relation is fulfilled at each point of the junction.  

For the acoustical three-port in Fig. 3 it reads 

vL(𝒙) = {
vA(𝒙) 𝒙 ∈ 𝐴

vC(𝒙) 𝒙 ∈ 𝐶
0 𝒙 ∈ 𝐷

 (19) 

assuming that surface D is an acoustically hard surface. 

The above-mentioned boundary conditions can be meet applying to the acoustic pressure and 

velocity the mode matching method (MMM) [13]. At first, both quantities should be distributed into 

modes in the orthogonal function database (eigenfunctions is the best choice, but also other complete 

set of orthogonal functions will lead to the result). Next step is to apply linear transformation to 
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calculate the unknown distribution coefficients. This in turn allows to calculate the amplitudes of 

modes propagating to and from the multi-port and ultimately to determine the scattering matrix [9, 14]. 

The scattering matrix of multi-ports of irregular geometry can be calculated by means of numerical 

methods or experimentally. 

5. APPLICATION TO MUFFLERS ANALYSIS 

The above described algorithm will be applied to a muffler presented in Fig. 4 and discussed previously 
in the literature [1] 

 

Figure 4 – Muffler with extended inlet and outlet pipes 
  

The muffler is composed of elements such as: plain (A1 and A2 and B) and annular (C1 and C2) 

circular ducts, ducts hard terminations (D1 and D2) and junctions (Q1 and Q2) at which the mode 

matching method (MMM) has to be applied [9, 14] to fulfil the boundary conditions. The inlet pipe is 

extended into the expansion chamber by one second of its length l=0.4 m and the outlet pipe by one 

fourth, the radiuses are 0.04 m and 0.16 m, respectfuly (cf. [1], page 324). 

 

 

Figure 5 – Muffler elements disconnected 

 

 

a) 

 
 

b) 

 
 

c) 

 
 

d) 

 
 

e) 

 
 

f) 

 
  

Figure 6 – Calculations of the scattering matrix step by step: a) topological scheme of the muffler presented 
in Fig. 5; b) the system decomposed into separate multi-ports of known scattering matrix; c) and d) and e) 

consecutive steps of reducing the number of ports by applying the procedure presented in Section 3; f) final 
result – the system reduced to an acoustical two-port of determined scattering matrix   
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Figure 7 – Transmission loss of a muffler as in Fig. 4 calculated according to the presented algorithm 

(continuous line) and presented by Munjal (cf. [1], page 324, dotted line) assuming the plane wave incident 
to the left-hand tail pipe;  

6. Conclusions 

The presented method is a general way of describing acoustic duct-like systems as multi-ports. It 

can be applied to devices composed of many sub-systems not necessarily constituting a cascade. The 

procedure can be implemented step by step applying the scattering matrices already derived and the 

mode matching method at junctions. For acoustical system of more complicated geometry for which 

the reflection coefficients have not been calculated the problem can be solved by means of the 

numerical methods. The scattering matrix can be also derived experimentally.   
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ABSTRACT 
The acoustic characterization of a centrifugal fan in a residential HVAC system is carried out through the 
determination of the total source spectrum of the sound generated by the fan under varying operating 
conditions. The most commonly used characterization technique, described by ISO 5136, requires an 
anechoic termination and the possibility to insert a microphone in the duct. To avoid the large dependence on 
the efficiency of the anechoic termination, an active one-port characterization using flush mounted 
microphones is adopted in this research. One of the major advantages of this approach is the fact that the 
characterization is carried out independent of downstream reflections, thus not requiring the construction of 
an anechoic termination. At first, the passive property of the fan, i.e. the reflection coefficient of the 
propagating waves at the inlet of the fan, is determined. Subsequently, the downstream reflection component 
of the test rig is characterized. Finally, both passive models are combined to compute the active source 
spectrum describing all noise generation and dissipation phenomena of the fan. The acoustic characterization 
is compared to existing scaling laws, such as described e.g. in VDI 2081. 
 
Keywords: Fan noise, Scaling laws 

1. INTRODUCTION 
Noise pollution due to ventilation systems is an important concern, as the most frequently reported 

issues with HVAC systems are linked to excessive noise emissions. The noise nuisance often results 
in the misuse of ventilation systems, causing poor indoor air quality and a loss in energy efficiency 
(1). Through an accurate prediction of the acoustic field generated by HVAC systems, noise pollution 
can be avoided and innovative noise mitigation approaches can be assessed. 

To allow the calculation or prediction of the acoustic field generated by residential ventilation 
systems, knowledge of the total source spectrum of the sound generated by a centrifugal fan is of great 
importance. Centrifugal fans are commonly used in residential ventilation systems C (only 
mechanically discharges used indoor air) and systems D (mechanically supplies  fresh outdoor air and 
discharges used indoor air). Using the source spectrum, the sound generating mechanisms of a 
centrifugal fan can be investigated in further detail and efficient sound attenuation devices can be 
designed (2).  

General guidelines and reference spectra for the sound generated by fans can be found in e.g. VDI 
2081 (3). According to these guidelines, the emitted sound power level of a fan is determined from a 
constant value, the specific sound power level that depends on the assembly type of the fan, and  the 
operational point of the fan, determined by the volumetric flow rate through the fan and the total 
pressure drop across the fan. The source spectrum of a fan can thus be related to the flow rate and 
pressure drop across the fan by a scaling law. The octave sound power spectrum of a fan is estimated 
with a standard octave sound power spectrum, through superimposing the sound power level output 
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of a fan with a discrete spectrum whose strength depends on the type of fan. However, the available 
data on residential centrifugal fans is limited, as most reference spectra  and guidelines concern more 
powerful fans of different assembly types. Current guidelines on the acoustic characterization of fan s 
stated in e.g. ISO 5136 (4) describe characterization techniques for fans with duct diameters between 
0,15 and 2 meters. These techniques are difficult to apply on smaller residential centrifugal fans and 
require the use of an anechoic termination.  

Centrifugal fans have at least one inlet and one outlet. In residential ventilation systems C, the 
inlet is connected to the extraction grilles in the building. Consequently, only the sound generated in 
and transported through the inlet ducts is of interest, and the acoustic load of the fan is only relevant 
at the inlet of the fan. If the inlet and the outlet of the fan are acoustically uncoupled from each other, 
the source can be considered as a one-port source for a plane wave, linear and time-invariant system 
(2). The acoustic characterization of a centrifugal fan can now be carried out through the determination 
of the passive property of the fan, i.e. the reflection coefficient of the propagating waves at the inlet 
of the fan. Subsequently, the downstream reflection component of the test rig is characterized. Both 
passive models are combined to compute the active source spectrum describing all noise generation 
and dissipation phenomena of the fan, eliminating the need for an anechoic termination. The proposed 
active one-port characterization is therefore an improved and better suited characterization technique 
for residential centrifugal fans. 

Through the measurement of the total source spectrum of a fan under varying operating conditions, 
scaling laws that relate the operating conditions to the sound generated by the fan can be determined. 
These scaling laws can be used to predict the source spectra of fans for a large range of operating 
conditions. The experimentally determined scaling laws are compared to already existing scaling laws. 

This paper describes two different types of centrifugal fans. Subsequently, the active one-port 
characterization method is discussed, followed by a description of the measurement set-up used. 
Thereafter, the determined source spectra of the sound generated by centrifugal fans are discussed. 
Finally, a scaling law that relates the operational point of the fan to the sound generated by the 
centrifugal fan is proposed and compared to existing scaling laws. 

2. DESCRIPTION OF THE FANS 
Two types of centrifugal fans are acoustically characterized, a constant pressure fan and a constant 

power fan, both depicted in figure 1. When changing the aerodynamic load of the piping system, the 
constant pressure fan tries to keep the pressure across the fan constant. The pressure can only be 
adjusted by changing the settings of the fan, adjusting the rotational speed of the fan. The constant 
power fan aims to keep the active power constant when the aerodynamic load of the system changes. 
Both fans are aerodynamically characterized through the determined fan curves that relate the pressure 
increase across the fan to the volumetric flow rate through the fan, shown in figure 1. These curves 
are determined for all possible settings of the fans. When the flow rate through the fan is known, the 
operational point of the fan can be determined using the fan curves.  The diameter of the ducts 
connected to the centrifugal fans is 0.125 meter. Figure 1 shows that all inlet ducts are connected to a 
manifold, from which the air enters into the centrifugal fan.  

 
 

 

 
 

Figure 1 – The constant pressure centrifugal fan (above), the constant power centrifugal fan (below) and 

fan curves showing a possible operational point of a centrifugal fan (right) 

5285



 

 

3. THE MEASUREMENT METHOD  

3.1 Passive one-port characterization 
Previous measurements, where the centrifugal fan was considered a two-port source, determined 

that the transmission of sound between the inlet and outlet of the fan can be neglected. The inlet and 
outlet of the centrifugal fan are thus acoustically uncoupled from each other. As only the sound 
generated at the inlet of the fan is of interest in a ventilation system C, the centrifugal fan is considered 
an acoustic one-port source. An acoustic one-port source, as depicted in figure 2, can be described by 
equations relating the upstream and downstream propagating waves. Only plane waves are considered, 
constricting the frequency range to below the cut-off frequency of the first transversal mode. When 
extending the characterization to higher frequencies, a multi-port model is needed. In a duct with a 
diameter of 0,125 meter, the cut-off frequency of the first transversal mode is 1607 Hz.   

The acoustic field in the inlet duct of the fan can now be described by two variables, the complex 
amplitudes  and  of the upstream and downstream propagating pressure waves in the duct, as 
shown in figure 2. These amplitudes can’t be measured directly and are computed from a measurable 
physical quantity, the acoustic pressure fluctuations   due to an external excitation. These 
fluctuations are measured at four distinct axial positions in the duct. The decomposition method is 
explained in detail by Munjal (5). The iterative plane wave decomposition method used starts with a 
multiple microphone decomposition method (MMM). The MMM is executed with the measurements 
from four flush mounted microphones in the inlet duct, resulting in an overdetermined system of 
equations. The equations used in this characterization method are reformulated in terms of transfer 
functions with a reference signal correlated to the excitation signal, to suppress both the influence of 
measurement errors and the influence of pressure fluctuations uncorrelated to the excitation signal. 
With the initial values of the complex wave amplitudes calculated with the MMM, the final 
microphone spacing is obtained, the mean flow velocity and speed of sound are updated and a 
frequency dependent attenuation coefficient is computed. This procedure is repeated until all these 
parameters converge. This method is described by Denayer et al. (6).  

 
Figure 2 – Schematic overview of the experimental configuration for the characterization of an acoustic 

one-port source 
The passive one-port model uses a reflection coefficient of the fan  to describe the acoustic 

behavior of the fan in frequency-domain. This coefficient relates upstream and downstream 
propagating pressure waves in the inlet of the duct, and describes all linear sound attenuation and 
amplification mechanisms: 

. (1) 
The reflection coefficient is determined for various operating conditions of the fan, to determine 

if the reflection coefficient depends on the working point of the fan. The upstream termination of the 
test rig can also be represented by a reflection coefficient , as there are no noise sources present at 
the termination of the measurement setup:  

. (2) 
Both reflection coefficients are determined with at least two independent measurements with  a 

different flow rate, using a dominant excitation upstream of the microphone array in the inlet duct. 
The dominant excitation source is uncorrelated to the sound generated by the fan, allowing to neglect 
the source spectrum of the fan when determining the reflection coefficients. The passive one-port 
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characterization is reformulated in terms of transfer functions with the excitation signal to ensure that 
the determination is free from aerodynamic contamination. 

3.2 Active one-port characterization 
The passive characterization does not consider the aerodynamic noise generation inside the fan. 

The source term  represents the non-linear noise generation and dissipation phenomena due to the 
fan. The passive one-port model stated in equation (1) can now be extended to:  

(3) 
The active source vector can now be computed by applying the plane wave decomposition method 

(5) to the acoustic pressure measured without external excitation and with: 
 

(4) 
However, a reference signal correlated with the source spectrum of the fan is not available. Since 

no external excitation is used, the active one-port model can’t be reformulated in terms of transfer 
functions. However, by inserting equation (2) for the reflection coefficient of the termination of the 
test rig in equation (4), both passive models are combined and the active source spectrum can be 
expressed in terms of the upstream propagating waves: 

(5) 
This greatly simplifies the analysis and additionally simplifies the plane wave decomposition from 

the measured pressure spectra. As a result, the influence of measurement errors is minimalized. As 
centrifugal fans generate broadband noise, the source spectrum is determined in a statistical 
description, the cross-spectral source term  defined as: 

(6) 
This characterization method enables the characterization of the sound generated by a centrifugal 

fan independent of downstream reflections, thus not requiring the construction of an anechoic 
termination at the inlet duct of the fan. 

4. MEASUREMENT SET-UP 
The acoustic characterization of a centrifugal fan is executed in a semi-anechoic room to eliminate 

possible noise disturbances. The aerodynamic load of the piping system is changed by changing the 
position of a butterfly valve. This valve is situated in the outlet duct of the fan. To measure the velocity 
of the air flow through the fan, an L-type pitot tube from Sensing Precision is mounted on the outlet 
duct of the fan. The flow velocity is measured with an accuracy of ±2.5% of the reading. 

.   
Figure 3 – Picture and overview of the measurement setup for the characterization of a centrifugal fan 
The pressure spectra inside the inlet duct is measured using four flush-mounted ¼” microphones 

(type PCB 378C10), with a distance of 6 cm, 8 cm and 6 cm between two microphones. The distance 
between the fan and the closest microphone is 0,9 meter. During the passive characterization, the 
external excitation signal, a stepped sine signal, is sent to a loudspeaker array after amplification.  The 
frequency range of this signal is 200-1600 Hz, with a frequency step of 50 Hz. No external excitation 
is used during the active characterization. The output of the microphones, as well as the excitation 
signal as reference signal, are sent to a Supervisory Control And Data Acquisition System (SCADAS) 
via coax cables. The results are exported using Siemens LMS Test.Lab 17 and processed with 
MATLAB.  

FAN 
BUTTERFLY VALVE 

0,9 m 

6 cm 
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5. RESULTS 

5.1 Passive characterization 
The reflection coefficient of the propagating waves at the inlet of a centrifugal fan is determined 

for different settings of the fan, for different rotational speeds of the fan and for the two different 
types of fans. Results are shown in figure 4.  

 

 
Figure 4 - The reflection coefficient  of the propagating waves at the inlet of a constant pressure 

centrifugal fan (left) and a constant power centrifugal fan (right) 
The reflection coefficient of a centrifugal fan is hence independent of the setting and the rotational 

speed of the fan, as the coefficient remains constant when the operating conditions of the fan change. 
The reflection coefficient is frequency dependent, as the collector manifold directly coupled to the 
fan can cause resonances dependent on the shape of the cavity. Subsequently, the downstream 
reflection component of the test rig or the reflection coefficient of the termination of the inlet duct, is 
determined. The reflection coefficient of the termination of the inlet duct has the same trend as the 
reflection coefficient of an unflanged finite duct (7). At the termination of the duct, the loudspeaker 
array causes a discontinuity in the diameter of the duct. The reduction in area results in a reflection 
of the incoming waves. 

5.2 Active characterization 
The active source spectra of the sound generated by two different types of centrifugal fans under 

varying operating conditions are determined. To be able to determine the narrowband source spectrum, 
the reflection coefficients computed in the passive characterization are interpolated over the frequency 
domain with a frequency step of one hertz. The operating conditions of the fans are altered by both 
changing the aerodynamic load of the piping system and by changing the setting or conditions of the 
fan itself. The characterization results in a narrowband source spectrum on a linear frequency scale, 
that describes the broadband sound generated by centrifugal fans in detail, as shown in figure 5 and 
figure 6. 

 
Figure 5 – The measured total source spectrum (re 20 μPa) of the sound generated by a constant pressure 

centrifugal fan under varying operating conditions
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Figure 6 – The measured total source spectrum (re 20 μPa) of the sound generated by a constant power 

centrifugal fan under varying operating conditions 
The sound generated by the fans has a global broadband character. The shape of the source spectra 

agree with source spectra of fans determined in previous studies, as there is a steep decay in the 
magnitude of the spectra at low frequencies, and a slow decay at higher frequencies. The sound 
generated by centrifugal fans is strongly influenced by various installation effects, e.g. the mechanical 
design of the fan and the design of the ventilation system. These installation effects result in peaks in 
the source spectrum at certain frequencies. When the operating conditions of the fan change, the 
position of the peaks caused by these installation effects remain constant. The installation effects are 
not taken into account in guidelines and reference spectra. The source data is sensitive to the operating 
conditions and the inlet flow conditions of the fan, as the source spectrum of a fan shifts when the 
conditions are changed. The blade frequency of the fan is not present in the source spectra, as there is 
no peak in the source spectrum of which the frequency changes when the rotational speed of the fan 
changes. The tonal peaks present on the source spectra are hence not related to the rotational speed of 
the fan. 

6. SCALING LAWS 

6.1 Existing scaling laws 
Beranek (8) states that the overall sound power output of a fan can be calculated with equation 

(7), where  is the volume rate of the flow,  is the total pressure increase and  is the specific 
sound power level of the fan. The value of  is constant, and depends on the assembly type of the 
fan. For a centrifugal fan this is equal to 34 dB according to the VDI (3). 

(7) 
The overall scaled sound power level can thus be calculated with equation (8), this scaling 

is not proportional to the aerodynamic power of the fan and is shown in figure 7. The cross-
spectral source term is converted to the sound power level with equation (9). 

 

 

(8) 
with  (9) 

The VDI estimates the noise spectrum of a fan by superimposing the overall sound power level on 
a discrete spectrum  whose strength depends on the type of fan. This predicted trend of the 
sound spectrum generated by a fan is also shown in figure 7.  
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Figure 7 – The scaled total source spectrum according to Beranek of a constant pressure centrifugal fan 

(left) and a constant power centrifugal fan (right) 
The relation between the generated sound spectrum and the operating conditions of the fan is 

accurately predicted by the VDI. However, the  determined for centrifugal fans seems to be a gross 
overestimation. To compare the overall sound power level generated by a fan to the estimated value by the 
VDI, measurements of the entire frequency scale of the source spectrum should be conducted. The estimated 
trend of the frequency spectrum of the sound generated by centrifugal fans is accurate, but does not include 
the influence of installation effect on the spectrum. These can however not be neglected. 

6.2 Improved scaling law 
As previously stated, the shape of the source spectra of centrifugal fans does not depend on the 

rotational speed of the fan as there are no blade frequency peaks present in the source spectra. However, 
the magnitude of the frequency spectrum does depend on the pressure increase across the fan and the 
volumetric flow rate through the fan. Therefore scaling laws can be determined that relate the 
magnitude of the spectrum to the operational point of the fan. Different existing scaling laws stated 
in literature, e.g. the scaling laws determined by Bies et al. (9), are applied on the measurements of 
the source spectra under varying operational conditions. It is determined that the sound generated by 
a centrifugal fan relates to the aerodynamic power delivered by the fan, as applying the scaling law 
stated in equation (10) aligns the source spectra with the least deviation. The source spectra scaled to 
the pressure across the fan  and the flow velocity through the fan  with formula (10) are shown in 
figure 8 and 9. The scaling law determined is also related to the flow velocity and the horsepower 
needed to drive the fan as stated in equation (11). 

(10) 
 (11) 

If the of a fan is known, the source spectrum generated by the fan can be predicted 
under all possible working conditions. This prediction can be used to design silencers with the source-
load interaction taken into account (2).  

 
Figure 8 – The scaled total source spectrum of the sound generated by a constant pressure centrifugal fan 
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Figure 9 – The scaled total source spectrum of the sound generated by a constant power centrifugal fan  

CONCLUSIONS 
Two types of centrifugal fans are acoustically characterized by determining the source spectrum of 

the fans under varying operating conditions. The measurement method consists of two steps. First, the 
reflection coefficient of the incoming waves at the inlet of the fan is determined using an external 
excitation. Additionally, the downstream reflection component of the termination of the inlet duct is 
characterized. This eliminates the need for an anechoic termination to characterize the fan. Secondly, 
both passive models are combined to compute the active source spectrum describing all noise 
generation and dissipation phenomena of the fan, as well as the installation effect due to the 
mechanical design of the fan. The sound generated by a centrifugal fan largely depends on the working 
point of the fan. The source spectra shifts proportionally to the aerodynamic power generated by the 
fan. The measured source spectra of the fans are scaled to the pressure increase across the fan and the 
flow rate through the fan. The scaling to  and  aligns the source spectra measured under varying 
operational conditions and results in a more accurate specific sound power level of the fan compared 
to existing scaling laws.  
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ABSTRACT 
A new method to split acoustic fields in flow-ducts into upstream and downstream propagating sound waves 
is presented. Goal of this new approach to modal decomposition is to create a methodology that does not rely 
on semi-analytical solutions of the sound propagation and is, hence, applicable to a much broader set of 
aeroacoustic problems. An artificial neural network is trained with data gained from a small set of numeric 
reference solutions of the linearized Navier-Stokes equation in the frequency domain in a straight duct. The 
network is tested on relevant experimental data. A very good agreement with the analytical solution is 
demonstrated in two applications with different flow conditions. The good results obtained for the test cases 
in this paper make this method a promising addition to the classical methodology; 
 
Keywords: Flow acoustics, two-port, neural network, duct acoustics, modal decomposition 

1. INTRODUCTION 
Sound created in flow-ducts is a strong contributor to perceived noise disturbance from, for 

example, ventilation systems [1] and intake and exhaust systems [2]. In order to develop and improve 
noise mitigation strategies, reliable models to describe the sound propagation inside such systems are 
needed. Established methodologies, such as the multi-port method [3] and the mode matching method 
[4], use analytical and semi-analytical expressions the acoustic wave shape and the acoustic wave 
propagation [5], often corrected for thermo-viscous dissipation [6]. That limits the methods to hard 
walled duct systems with well-defined flow conditions. 
In this conference contribution, we present a new approach to analyze in -duct sound without the need 
for semi-analytical solutions. Instead, we develop an algorithm that can learn the acoustic propagation 
of plane waves from a small set of numerical reference solutions of the linearized Navier -Stokes 
equation in the frequency domain in a straight duct.  

1.1 Low Frequency Propagation of Acoustic Waves in Flow-ducts 
In many relevant aero-acoustic applications where in-duct sound is important the acoustic waves 

are linear, time-invariant, and stationary. The acoustic field is then a superposition of many tonal 
components and each tonal component fulfills a convective wave equation in the frequency domain, 
e.g. the Helmholtz equation 

 
.         (1) 

 
Here, p is the acoustic pressure, k is the acoustic wave number,  is the Nabla-Operator, ω is the 
angular frequency, and X = (x,y,z) is a coordinate vector. For a soundwave propagating in a straight 
hard-walled duct with stationary, uniform background flow, Equation 1 may be solved analytically. At 
frequencies lower than the cut-on frequency where only planar acoustic modes can propagate, the 
solution can be expressed as  
 

        (2) 
 

Equation 2 describes a superposition of two opposed plane waves with constant pressure in a 
cross-section. The two waves propagate in upstream (-) and downstream (+) direction. They have a 
complex amplitude  and  and the complex wave number  and  as a function of frequency, 
fluid-flow conditions, and duct geometry. 
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1.2 Mode Decomposition  
If a sound field is sampled along the duct, e.g. with microphones mounted along the duct walls, a 

common task in duct acoustics is to split this sound field into its upstream and downstream propagating 
waves. With the analytical description of the wave, the complex wave amplitudes can be solved from  
at least two samples of the acoustic field (p1 and p2 at z1 and z2). Equation 2 is therefore written in 
vector notation  
 

.          (3)  
 
The matrix M is called the modal matrix. More detailed information about the modal decomposition 
and its application can be found in Ref [7–9]. In the classical mode decomposition, M is inverted and 
multiplied with the sample’s pressure to solve for the complex mode amplitudes  and . The 
system can become ill-conditioned and therefore ambiguous in its solution, for example at tones of 
certain wavelengths [10] or close to the cut-on frequencies of higher order modes [7]. Consequently, M 
is commonly over-determined by sampling the sound field at more than 2 positions. Challenges are 
still associated with the analytical solutions of the wave shape and propagation for example at high 
frequencies [11] and background flows with greater Mach-numbers (M>=0.3) [12]. In fact, the 
background flow can deform the acoustic modes and influence the propagation speed, which adds 
uncertainties in the form of bias errors if the classical mode decomposition (Equation 3) is used.  

 

1.3 Learning Algorithm 
Regression problems such as the mode decomposition in Equation 3 can be solved with artificial 

neural networks (ANN) [13]. In theory, a network with a single layer between input and output can 
learn any desired deterministic regression function, provided that a sufficient number of neurons and 
a representative set of training data is available (“universal approximation theorem” [14]). The goal 
of this paper is to show that an ANN can learn the modal decomposition in Equation 3. The 
algorithm learns the acoustic mode shapes and propagation from numerical simulations without the 
need for explicit knowledge of the governing equations. This allows mode decomposition in complex 
flows and arbitrary duct geometries. The numerical scheme can include turbulent flow and boundary 
layer effects and hence cover for flow-related acoustic dissipation. 
The ANN is implemented as a Feed Forward Back Propagation topology with a single fully 
connected hidden layer between input and output. We split the complex numbers of the sampled 
pressure into a real and an imaginary part and add those as separate input for the model. We use the 
same pressure probe number and positions as in our experimental setups. The input is therefore a 
row vector of 7 elements, namely 3 elements for the real part of sampled pressure transfer functions 
at 3 microphone positions, 3 elements for the imaginary part of the sampled pressure transfer 
function at 3 microphone positions, and the frequency. The output is a row vector with four elements 
in the form of the real and imaginary part of  and .  
To create the topology of the neural network, we have tested different numbers of neurons in the 
hidden layer, namely 10, 30, 50, 100, 200, 500, 1000, 2000, 4000, and 8000 and the solution started to 
converge at around 1000 neurons. For the results presented in the paper, we use 2000 neurons.     
Equation 3 is linear only if a single frequency is considered. For a frequency-dependent modal 
decomposition, the regression is non-linear. We address this by adding non-linear elements in the form 
of normalized exponential (“softmax”) activation functions to the weights of the neurons in the hidden 
layers. The input has no activation functions, and the output has linear activation functions.  

1.4 Training Data 
The data needed to train the neural network was generated from a small set of numeric solutions. 

We solved the linearized Navier-Stokes equation (LNSE) in the frequency domain for empty duct 
sections with reflection-free determinations. For each training frequency, we simulated two sound 
fields, one for plane wave excitation on the upstream and one for plane wave excitation on the 
downstream side. The training data could then be generated by superposing phase-shifted and scaled 
versions of the two reflection-free reference solutions. This approach allowed us to create theoretically 
infinitely large training and validation data sets. We trained the ANN on data in 100 Hz steps between 
300 and 2600 Hz with 200 000 training samples per frequency. The method is applicable for linear and 
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time-invariant wave propagation. This is true in many applications with sound pressure being lower 
than 155 dB (1% of atmospheric pressure) [15].  

The numeric solutions were generated in two steps. First, the flow field was computed solving 
Reynolds Averaged Navier-Stokes (RANS) equations. In a second step, the acoustic field was 
computed linearized around the stationary mean background flow. We retained all terms containing 
viscosity and thermal conductivity, so that the corresponding acoustic dissipation was included in the 
training data. The computational domain was inherited from Ref [16] (Figure 1), where good 
performance of this method was shown.  

 
Figure 1: Computational domain for empty duct section with reflection-free perfectly matched layers (PML), sources, and six 

microphone probes. 

1.5 Algorithm Testing 
The algorithm was tested on experimental data measured as part of the IFAR Acoustic Liner 

Challenge at the 2018 AIAA Conference. The IFAR was a NASA initiative where 3D-printed acoustic 
liner configurations were measured on multiple test rigs with the aim to collect and compare the results. 
Data was shared with each participant in order to assess how fabrication, data acquisition and analysis 
approach influence the results.  

Measurements of the acoustic properties of liners are common tasks in aeroacoustics. We therefore 
consider the data as a relevant test case for our ANN. To evaluate the results, we plot the scattering 
matrix, which is an anechoic representation of the passive acoustic properties  of the liner. To this aim, 
we decompose the sound field upstream and downstream of the liner and compute the sound 
transmission and reflection. The scattering matrix is defined as 

 
  ,         (4) 

 
where pu- and pd- are amplitudes of plane pressure waves incident of the lined section, pu+ and 

pd+ are amplitudes of palne pressure waves outgoing from the sample, and d and u are reflection 
coefficients with u and d denoting upstream and downstream, respectively.  du and ud are 
transmission coefficients from the downstream to the upstream and the upstream to the 
downstream side. The procedures to extract the scattering with the multi-port method and to perform 
the necessary measurements are explained in Ref [7].  

The experiments for this paper were carried out at the KTH modular advanced flow-rig facilities, 
using 6 microphones and 4 loudspeakers. Sound fields were excited upstream and downstream of the 
liner using the four sources simultaneously, each playing a different sinusoidal tone between 300 and 
2600 Hz in 20 Hz steps and we measured the frequency response functions between the microphones 
and the loudspeaker reference signals. Note, that we have chosen a finer frequency resolution for the 
experiment than for the data included in the training data set. We can therefore evaluate the ability of 
the ANN to learn the actual regression functions by testing frequency points that were not included in 
the training data set.  

In this paper, we compare scattering data gained from the experiments, using i) the two-port method 
with mode decomposition based on analytical solutions of the wave equation and ii) the learning 
algorithm trained on numerical data. We test two different flow conditions. Firstly, a case without flow 
(M=0) and secondly a case with moderate flow (centerline Mach number M=0.3). 

2. Results and Discussion 
The scattering matrix of the tested liner is presented in Figure 2 and 3 for the no flow (M=0) case, 

and in Figure 4 and 5 for the moderate (M=0.3) flow. The performance of the neural network compared 
to the analytical modal decomposition is presented.  

For the no flow (M=0) case, the wave propagation inside the straight duct is governed accurately by 
the Helmholtz equation and the analytical solution can therefore be used for quality assessment. We 
found, that the agreement of the analytical solution and the neural network is distinguished in the 
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mid-frequency range between 750 Hz and 2100 Hz for both, the amplitude and the phase (Figure 2 and 
3). For low and high frequencies, the accuracy of the neural network decreases for the amplitude, but 
remains of good quality for the phase. This indicates a general good decomposition of incident and 
outgoing waves on each side over the entire frequency range, but a bias in the amplitude of both p+ and 
p- waves on each side towards the limits of the trained frequencies.  

We could find similar agreement for the moderate flow case (M=0.3) depicted in Figure 4 and 5. All 
important features of the scattering matrix are captured with good accuracy. The neural network 
furthermore approximated the scattering matrix smoother than the analytical solution which becomes 
apparent for the noisier upstream reflection coefficients.  

 
Figure 2: Performance of neural network compared to analytical solution for M= 0. Amplitude of the scattering matrix of the 

tested liner.  

 
Figure 3: Performance of neural network compared to analytical solution for M= 0. Phase of the scattering matrix of the 

tested liner. 
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Figure 4: Performance of neural network compared to analytical solution for M= 0.3. Amplitude of the scattering matrix of 

the tested liner.  

 
Figure 5: Performance of neural network compared to analytical solution for M= 0.3. Phase of the scattering matrix of the 

tested liner.  

5296



 

 

3. Conclusion 
We present a new method to decompose acoustic fields in ducts into upstream and downstream 

propagating plane waves. The novelty of the presented methodology is the algorithm’s ability to learn 
the decomposition without explicit knowledge of the governing equations. This makes the method 
applicable to experiments where the analytical solution of the wave propagation is unavailable. This 
applies for example to duct systems with complicated cross-sections, soft walls, and high flow 
velocities. 

We developed a learning algorithm that can be trained with numerical data. The algorithm contains 
a single layer feed forward - back propagation artificial neural network. The data needed to train the 
network is created from two reference solutions of the Linearized Navier-Stokes equation in a straight 
duct, solved for a number of training frequencies. Such computations are generally computational 
inexpensive although they contain the significant sound dissipation mechanisms.  

We tested the trained network on experimental data measured for an acoustic liner, which 
represents a relevant application. By comparing the liner’s scattering matrix extracted with the neural 
network and the classical two-port method for a case without flow, we found that the learning 
algorithm performs well in the mid-frequency range of the training area, whereas the accuracy 
decreases slightly towards the higher and lower training frequencies. In the mid-frequency range, the 
algorithm reached very good performance for most of the frequencies even though the network was 
only trained on 20 % of the tested frequencies. This indicates a good ability of the presented network 
to learn the non-linear regression functions without overfitting the trained points.  A more complex 
neural network with several layers might be able to increase the accuracy towards the borders  of the 
trained frequencies.  

To improve the method, the network could be trained to also predict the wave numbers of the 
extracted duct modes. This would allow to move the modal data from the reference cross section to 
arbitrary cross sections, as commonly done in the two-port method.   
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Abstract
The prediction of self-sustained aeroacoustic oscillations has been the topic of numerous of theoretical studies,
but obtaining quantitative predictions on practical configurations is still challenging. In this study we use particle
image velocimetry to record flow data at an acoustically excited T-Junction subject to low-Mach grazing flow.
Data is recorded for several acoustic excitation amplitudes and frequencies. This allows to formulate a model
predicting the non-linear response of the system with Navier-Stokes equations linearized around different mean
flows measured with different excitation amplitudes and frequencies. This linearized perturbation approach
gives a good prediction of the spatial repartition of the velocity fluctuations and predicts their amplitude to a
reasonable degree. The test rig serves as a surrogate for the aeroacoustic behavior of deep closed cavities.
Keywords: Aeroacoustics, Linearized Navier-Stokes equations

1 INTRODUCTION
Certain geometrical configurations placed in a moving flow can lead to self-sustained pressure oscillations due
to a constructive feedback loop between the unsteady motion of the flow and the acoustics. This leads to a
loud tonal sound commonly called whistling. A typical example of configuration which can produce whistling
is the rectangular closed cavity subject to a grazing flow. The velocity of the air in the cavity is low compared
to the velocity of the grazing flow, so that a shear layer is present at the mouth of the cavity. If the velocity
of the flow is large enough, this shear layer is unsteady and vortical structures are convected in it, as well in
laminar regime as in turbulent regime. Since rectangular side cavities are present in many industrial domains
(e.g aircraft wheels wells or bomb bays, pantographs cavities for trains, side branches in pipe networks), a
lot of literature already exists on the topic. The effect of the cavity aspect ratio and the grazing flow’s Mach
number was investigated through the early wind tunnel experiments of Krishnamurthy (1) and Plumblee et al.
(2). (3, 4, 5) propose models to predict the aeroacoustic resonance frequencies and the conditions under which
they happen. In particular, East (4) studies specifically the aeroacoustic resonance of deep cavities, whose depth
D is greater than the length L of the cavity’s mouth in the flow direction. He shows the resonance can be
triggered when the characteristic convective time of the vortical disturbances in the shear layer across the cavity
width matches the acoustic frequency of a depth acoustic mode of the cavity. Under these conditions, two
mechanisms are interacting. The first one is the excitation of a cavity acoustic mode by the unsteady vorticity
in the shear layer, which is referred to as ’vortex sound mechanism’. The second mechanism is the forcing
of the shear layer by the acoustic oscillations: The shear layer being located at an acoustic velocity antinode,
it undergoes vertical acoustic velocity fluctuations triggering the periodic formation of vortices. When the two
mechanisms are constructively interacting, it can lead to large amplitudes oscillations. Nonlinearities come then
into play and lead to a saturation of the response (6, 7). Predicting the final amplitude of the self-sustained
oscillations is still a challenge; It requires quantitative models both for the vortex sound mechanism (see the
works of Howe (8, 9)) and for the nonlinear response of the flow to acoustic oscillations. The linearized Navier-
Stokes equations (LNSE) around the time-averaged unsteady flow appears to be an interesting tool to predict
the flow’s response to an external forcing: the linearized Navier-Stokes operator (LNS) can be used to describe
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the evolution of small perturbations around the mean flow. Barkley (10) used it on a unstable laminar cylinder
wake and managed to predict the frequency of the vortex shedding in the cylinder’s wake at different Reynolds
number only knowing the mean flow in each case. In (11), the studied flow is a linearly stable laminar jet
and the LNSE allows to predict the response of the flow to an external harmonic forcing. In (7), the studied
configuration is a deep rectangular cavity whose top wall is considered as anechoic, which is different from
the closed cavities studied by East (4) since the absence of reflection on the top wall opens the aeroacoustic
feedback loop: the sound emitted by the vorticity is evacuated through the anechoic wall instead of coming back
to the shear layer. The configuration of (7) allows therefore to study specifically how the shear layer responds
to an acoustic excitation. LES simulations were conducted on turbulent flows undergoing different amplitudes
of forcing. For each simulation, the time-averaged flow is taken and the LNS operator is computed. Although
only linearized perturbations are considered, the nonlinearities affect the structure of the mean flows obtained
for different forcing amplitudes. The hydrodynamic responses predicted by the LNSE study are shown to be in
agreement with the ones observed in the LES simulations and the nonlinear saturation is well predicted. The
present paper shows an experimental study on a cavity similar to the one studied in (7). The incoming flow is
highly turbulent, and the instantaneous flow is resolved using fast particle image velocimetry (PIV). In 2, the
experimental setup and the operating conditions are presented. In 3, the LNSE around the forced mean flow are
derived. In 4, the coherent velocity fluctuations extracted from the PIV measurements are compared with the
ones predicted by the LNSE.

2 EXPERIMENTAL CONFIGURATION
2.1 Geometry and experimental conditions
The experimental configuration used for this study is a channel of square cross-section with a perpendicular
side branch of rectangular cross-section. A compressor sends a turbulent flow of mean velocity U at low Mach
number in the main channel. The x axis is defined as the direction of the main channel and is oriented so that
the mean flow’s velocity is positive. The y axis is oriented towards the side branch and the z axis corresponds
to the spanwise direction. The edge of the main channel’s section is D=6.2 cm, the width of the side branch
in the x direction is W=3 cm. Figure (1) shows the main features of the experimental setup. An unsteady
shear layer is present at the junction. To prevent acoustic reflections, the end of the side branch is terminated
with a horn opening to a box lined with an acoustic absorbing foam. Both of the main channel’s ends are also
horn-shaped anechoic ends. The shear layer is acoustically forced with two loudspeakers placed on the side
branch. Several microphones are placed on each branch to reconstruct spatially the acoustic field. To get the
velocity field in real time, particle image velocimetry (PIV) is used. To do so, a laser sheet is used to enlighten
the particles at the middle of the main channel’s span. This means that only a 2D slice of the velocity field can
be measured. In this study, 3D effects due to the finite spanwise extension of the channel are not considered.
The experimental setup allows to impose different flow velocities, acoustic forcing levels and frequencies. The
range of investigated mean flow velocities goes between U=41 m/s and U=76 m/s. We define a Reynolds
number ReD = UD/ν based on the channel’s hydraulic diameter, where ν is the kinematic viscosity of air at
30◦C. ReD is between 1.5 · 105 and 2.7 · 105. The incoming pipe length between the horn contraction and the
T-junction is about 1 m, which is not sufficient to get a fully developed velocity profile (12) but enough to get
strong turbulent fluctuations in the whole channel’s cross section. Each measurement gives a set of 2000 images
acquired at a frequency of 5kHz. For each measurement, a mean flow is computed by taking the average of all
the images.

2.2 Compacity assumption
Looking at the experimental results, the zone reacting the most to the acoustic forcing is the shear layer, which
remains confined in a horizontal band of 1 cm of thickness. The speed of sound in the experimental conditions
is c = 349 m/s. The tested frequencies for the acoustic forcing are between 800 Hz and 1800 Hz. For the
highest frequency, the wavelength is 0.2 m, which is great compared to the shear layer’s dimensions. We can
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Figure 1. Simplified drawing of the experimental test rig. Left: whole setup. The horn-shaped expansions are
used to prevent acoustic reflections. Right: zoom on the T-junction. W = 3 cm, D = 6.2 cm. The position of
the shear layer is shown in green. In blue, the zone observed by the PIV camera.

then assume that the shear layer is acoustically compact, so that compressibility effects can be neglected.

3 LINEARIZED NAVIER-STOKES EQUATIONS
3.1 Linearization
The acoustic forcing is modelled as a horizontal oscillating wall Γa in the cavity imposing harmonic oscillations
in the vertical direction : fa = ua cos(ωat)ex. We start from the incompressible Navier-Stokes equations for a
newtonian fluid of kinematic viscosity ν and density ρ:

∇ ·u = 0
∂u

∂ t
+u ·∇u =− 1

ρ
∇p+ν∇

2u (1)

with the boundary conditions:

u = 0 on Γw (walls)
u = fa on Γa

where u is the velocity field and p the pressure field. As in (13), the fluctuating variables are decomposed as
the sum of a time-averaged value (·), a coherent fluctuation ˜(·) corresponding to the response to the harmonic
forcing, and a non-coherent fluctuation (·)′ coming from the turbulent noise. We therefore have u(x, t) =
u(x)+ ũ(x, t)+u′(x, t). The time averaging of eq. (1) gives an equation for the mean flow:

∇ ·u = 0

u ·∇u =− 1
ρ

∇p+ν∇
2u−∇ ·

(
ũũ+u′u′

)
(2)

with the boundary conditions u = 0 on Γa ∪Γw. The last term of the equation shows that the velocity fluc-
tuations have an impact on the mean flow. Taking the phase-average of eq. (1) and subtracting eq. (2), the
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following equations are obtained for the coherent fluctuations:

∇ · ũ = 0
∂ ũ

∂ t
+u ·∇ũ+ ũ ·∇u =− 1

ρ
∇ p̃+ν∇

2ũ−∇ ·
(˜̃uũ+ ũ′u′

)
(3)

with the boundary conditions ũ = fa on Γa and ũ = 0 on Γw.
The coherent part of the turbulent Reynolds tensor ∇ · ũ′u′ needs a model. Following (14) and (7), we use the
Boussinesq assumption and we introduce a turbulent viscosity νt so that:

−u′u′+
2
3

k′ = νt(∇+∇
T )u (4)

−ũ′u′ = νt(∇+∇
T )ũ (5)

where k is the turbulent kinetic energy. The Boussinesq assumption is not valid in the general case, but was
found to be reasonable for simple shear flows (15). Using eq. (4), the turbulent viscosity field νt(x) is obtained
by extracting the random fluctuations from the PIV measurements.
Injecting eq. (5) in eq. (3), the turbulent viscosity and the molecular kinematic viscosity can be combined in
an effective viscosity νeff = νt +ν . Eq. (3) becomes:

∂ ũ

∂ t
+u ·∇ũ+ ũ ·∇u =− 1

ρ
∇p̃+νeff∇

2ũ+(∇u)T
∇νt −∇ ·˜̃uũ (6)

In the experimentals results, the term (∇u)T ∇νt was found to be small compared to νeff∇
2ũ and will therefore

be omitted in the following.

3.2 Equation in the frequency domain
Assuming that the coherent response contains only the forcing frequency ωa and its harmonics nωa,n ∈ N∗, ũ
writes as:

ũ(x, t) = ∑
n 6=0

ûn(x)einωat (7)

where û−n = û∗n . The Fourier component of the equation (6) at the forcing frequency is:

iωaû1 +u ·∇û1 + û1 ·∇u =− 1
ρ

∇p̂1 +νeff∇
2û1− ∑

n6=0,n6=1
∇ · ûnû1−n (8)

with the boundary conditions û1 = ua on Γa and û1 = 0 on Γw. If we assume that the response at the higher
harmonics is negligible compared to the response at the forcing frequency, this reduces to:

iωaû1 +u ·∇û1 + û1 ·∇u =− 1
ρ

∇p̂1 +νeff∇
2û1 (9)

Now that we consider only the response at the fundamental frequency, the indices (·)1 will be dropped.
We define the state vector q = {û, p̂}. Eq. (9) can be written as:

R(ωa,u)q≡ iωaIq+L(u)q = P(fa) (10)

where L(u) is the LNS operator: L(u)q = u ·∇û+ û ·∇u+
1
ρ

∇ p̂−νeff∇
2û. I is the identity operator and P is

a projection operator from the forced boundary Γa to the whole domain and its boundaries. R = iωaI +L(u) is
called the resolvent operator.
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(a) (b) ux (c) uy

Figure 2. a): 2D domain used for the discretization. Γa: , Γw: rigid walls, Γ f : stress-free boundaries. b,c): x
and y components of the mean flow velocity for an incoming mean velocity U=76 m/s and an acoustic forcing
imposing harmonic acoustic oscillations of amplitude 0.5m/s at 1000Hz in the shear layer.

3.3 Numerical method
For each experiment, the 2D fields u and νt are extracted. The equivalent variational forms of the linear
operators R(ωa,u) and P are discretized on a 2D grid, using finite elements. The degrees of freedom for each
velocity component are represented by P2 finite elements, the pressure and turbulent viscosity, by P1 elements.
The 2D domain has the same shape as the PIV window and is shown in Fig. (2a). For a given forcing fa, the
linearized perturbations are obtained by inverting the finite element matrix of the resolvent operator. The 2D
mesh has 79508 triangular cells. Computing the perturbations for a given forcing on a given mean flow can be
achieved in less than one minute on a desktop computer.

4 COMPARISON BETWEEN EXPERIMENTAL RESULTS AND LNSE PREDICTIONS
4.1 Harmonic response
Experiments were conducted on a flow of mean velocity U=76 m/s. Different acoustic frequencies and ampli-
tudes are applied. The harmonic component of the velocity fluctuations at the excitation frequency is extracted
for each experiment, by computing the Fourier transform of the velocity at each spatial location. At the same
time, the LNSE is used to predict the response of the mean flow to a forcing fa of the same acoustic amplitude
and frequency as in the experiment. The experimental value of fa is based on the acoustic velocity at the shear
layer, obtained with a multi-microphone method (16). Figure 3 shows the spatial distribution of the velocity
fluctuations from the LNSE and the experiment for a given forcing amplitude and different frequencies. The
spatial shapes are well reproduced, but the LNSE overestimates the amplitudes. Figure 4 shows the |ûy| profiles
along the shear layer. For forcing frequencies around 1400 Hz, the LNSE predicts a peak of response which
is not present in the experimental results. This peak was also observed in (7) and corresponds to a matching
between the forcing frequency and the characteristic convection time of a vortical structure through the cavity’s
mouth.

4.2 Spectral Proper Orthogonal Decomposition
In (7), the LNSE was able to predict the right amplitudes for the coherent response. In that study however,
the turbulent fluctuations were weak compared to the ones encountered in the present study. The strong non-
coherent velocity fluctuations could therefore have a non-negligible impact on the coherent structures and might
affect their frequency through non-linear phenomena which are not taken into consideration by the LNSE model.
In order to capture coherent energetic structures whose frequencies are close to the forcing frequency, we make
use of the spectral proper orthogonal decomposition (SPOD) introduced in (17). This improved POD (proper
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(a) ûx. left: LNSE. right: Harmonic component
of the experimental flow

(b) ûy. left: LNSE. right: Harmonic component
of the experimental flow

Figure 3. Comparison of the velocity fluctuations predicted with the LNSE and the ones extracted from the PIV
measurements. Experimental conditions: U=76m/s, ua = 0.5 m/s. Colorbar values in m/s. The colorbars limit
are based on the maximum absolute value of the displayed variable.

Figure 4. |ûy| profiles on vertical slices across the cavity’s mouth. Blue plain lines: fourier component at the
forcing frequency, extracted from the experimental results. Red dotted-dashed lines: LNSE. ua=0.2 m/s, U=76
m/s.
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Figure 5. |ûy| profiles on vertical slices across the cavity’s mouth. Blue plain lines: most energetic SPOD mode
of the experimental flow in the vicinity of the forcing frequency. Red dotted-dashed lines: LNSE. ua=0.2 m/s,
U=76 m/s.

orthogonal decomposition) relies on a diagonal filtering of the autocorrelation matrix to extract spatially and
spectrally coherent structures. SPOD decomposes the coherent fluctuations of a flow into the sum a few ’most
energetic’ modes having distinct spectral contents. SPOD allows to extract a coherent velocity structure whose
spectrum is located in a band around the forcing frequency. Figure 5 shows a comparison between the LNSE
prediction and the SPOD mode. The amplitude of the coherent response obtained from the SPOD is comparable
to the LNSE response. The maximum amplitude of the SPOD mode is obtained at 1200Hz, while the LNSE
predicts a peak of response at 1400Hz. This difference could be due to the fact that the experimental velocity
profile is not constant in the spanwise direction, but its values decreases in the boundaries layer attached to
the lateral walls. The 2D slice observed by the PIV is located at a half-span position, where the velocity is
maximal, leading to an overestimation of the average convective velocity in the spanwise direction, which could
be an explanation for the overestimation of the maximal response frequency.

5 CONCLUSIONS
The linearized Navier-Stokes operator around a time-averaged acoustically forced flow was shown to be able
to predict the spatial distribution of the acoustic fluctuation. Amplitude prediction is still challenging due to
the strong turbulent fluctuations, but kinetic energy based data processing methods like SPOD allow to extract
coherent structures whose amplitude is in agreement with the LNSE predictions. Both the experiments and the
LNSE predicts a peak of response at a given frequency, but in the present configuration, a 2D analysis seems
not to be sufficient to predict accurately the frequency at which the peak of response occurs.
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Figure 1 - Sketch of thermostat control valve 
Many investigators have studied the objector of vibration and noise from valve and pipeline. Sun 

Danfeng et al. (1) have investigated the pipe line resonance property with flow. The result shows that 
natural frequency of the pipe line would increase slightly because of the action of fluid-structure 
interaction. Liu Li et al. (2) have developed mechanism of pipe line vibration caused by flow and 
found that the main excitation is the plus from fluid behind the valve. Fang Chao et al. (3) have studied 
the sea valve noise caused by flow and compared the quantity of flow noise to that of vibration noise 
induced by flow. They described the reason of sea valve noise based on the principle of sound 
generation. Chen Guiqing et al. (4) have investigated the relationship between parameters of flow in 
the pipe and vibration of the pipe. He obtained the conclusion that pipe vibration is linked with the 
velocity of flow in the pipe directly. Yin Jianwu et al. (5) have finished some experiments about 
control air pipe vibration and developed some methods about deducing air column impulse, optimal 
designing pipe line and deducing vibration by balance. In order to investigate the phenomena of valve 
dynamic property, Lu Liang et al. (6) have shown some examples and methods about watching, 
measurement and simulation. All of above studies describe a fact that the main excitation of valve 
vibration is flow which passing through it because of the relaxation property of fluid. But there is 
different valve vibration characteristic excited by flow to different valves. If you want to control the 
valve vibration noise you must take a special analysis to the particular valve. The best way to control 
vibration noise is deal with the vibration noise source based on the mechanism of vibration noise 
generation. In this paper, we shall analysis the mechanism of thermostat control valve noise in the oil 
system and give some suggestions based on the analysis. 

2. How the thermostat control valve controls the oil temperature and when the 
noise is obvious detected 

The key part of thermostat control valve is a slid valve component, as shown in figure 1. The 
component consisted of slide valve 1 and thermal rod 3 is touched with compressed spring 2 and the 
hand adjusting shank 4. When the oil temperature is lower and need to be heated, the thermal rod gets 
shorter because of low temperature. Then the slide valve moves to open the heating channel until full 
open and to close the cooling channel until close off with the spring stretching, as shown in figure 1 a). 
When the oil temperature is higher and need to be cooled. The thermal rod gets longer because of high 
temperature and the spring is compressed. Then the slide valve moves to open the cooling channel until 
full open and to close the heating channel until close off, as shown in figure 1 b). If the thermal rod 
fails in function, the hand adjusting shank can be turned to adjust the position of the slide valve to 
control the oil temperature. 

When oil system which serves for machine starts to work, the oil temperature is lower in general, so 
the heating channel of the thermostat valve is always full opened and cooling channel is closed. After 
machine and oil system running for a while, as the oil temperature gets higher, the heating channel will 
be closed little by little and cooling channel will be opened little by little. At that time when channels 
start to change, an obvious vibration noise would appear at the thermostat control valve and the pipe 
near the thermostat control valve. But as the time goes by, the vibration noise would disappear. This 
kind of vibration noise is harmful to the safety and reliability of operation of oil system. The reason of 
this vibration noise generation must be investigated and the phenomenon should be avoided as far as 
possible. 

3. Investigation 

3.1 Forces on the slide valve 
When thermostat control valve adjusts the oil temperature by moving slide valve there are three 

forces on the slide valve: Spring force SF  of spring, thermal force TF  of thermal rod caused by 

expanding with heat and contracting with cold and hydrodynamic force HF  of oil flow. The 
thermostat control valve can be used in oil system in two ways, shown in figure 2. One is confluence 
type, as shown in figure 2 a). This type is fit to control the input oil temperature of machine. The other 
is shunt type, as shown in figure 2 b). This type is fit to control the output oil temperature of machine. 
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a) Confluence type                          b) Shunt type 

Figure 2 - How to apply thermostat control valve 

Linked with sketch of thermostat control valve, figure 1, the spring force SF  always tends to close 

the cooling channel. But the direction of thermal force TF  is always opposite to that of spring force. 
Either in confluence type or shunt type, spring force and thermal force can’t make thermostat control 
valve vibrate because these forces are all semi-static force, their quantities can only change very 
slowly. The excitation must be fluctuating hydrodynamic force HF .

3.2 Mechanism of self-excited vibration of thermostat valve 
According to the Bernoulli equation, formula (1) (regardless of the difference of highness), 

pressure P  will be changed by the variation of velocity v  of flow. When opening area of channel is 
increased, the resistance of flow would be decreased, the velocity of flow would be increased and the 
pressure of fluid would be decreased; but when opening area of channel is decreased, the resistance of 
flow would be increased, the velocity of flow would be decreased and the pressure of fluid would be 
increased. 

2
0 2

1 vPP                                1

After machine start to work for a while, the temperature of oil will be increased, the thermal rod 
will be extended and the spring will be compressed more. So the slide valve would be moved to open 
cooling channel and to close heating channel for decreasing the oil temperature. When opening area of 
cooling channel is increased then opening area of heating channel is decreased, the velocity of cooling 
channel would be increased and the pressure would be decreased but the velocity of heating channel 
would be decreased and pressure would be increased. The sum of hydrodynamic force generated by 
changing opening areas of channels would tend to decrease cooling channel opening area and increase 
heating channel opening area. If cooling channel opening area was decreased and heating channel 
opening area was increased, there would be a hydrodynamic force on the valve to change both two 
channel opening areas in opposite direction. It will cause the valve to vibrate that the hydrodynamic 
force opposite the direction of movement of slide valve is forced to the valve continuously. In the same 
way, if the oil temperature was decreased, the slide valve would be forced to vibrate by the 
hydrodynamic force which is tended to the opposite direction of movement of slide valve. When the 
slide valve is forced to vibrate, the oil pressure will be fluctuated. The pipe line noise would be 
generated by the slide valve vibration and oil pressure fluctuation. The thermal rod linked with the 
slide valve would be damaged because of fatigue and lose effectiveness early by this kind of vibration. 

Based on the characteristic curve of thermostat valve (7), as shown in figure 3, for the same 
quantity change of flow, the larger the original flow is, the higher the change of oil pressure is. So 
when slide valve is at one of positions as figure 1, i.e. heating channel opening area starts to be 
decreased from full open or cooling channel opening area starts to be decreased from full open, the 
hydrodynamic force on the slide valve will get the largest quantity. After machine starts to work for a 
while, the oil would be cooled from heating process as the oil temperature gets higher. So the heating 
channel open area would be decreased from full open state and the vibration would be taken place 
intensely. After the oil system continuous works for a while, the phenomena of vibration would get 
weekly as the oil temperature gets lower and the quantity of flow gets lower with the heating channel 
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area gets smaller. Because oil system can’t be allowed to work in setting highest temperature, cooling 
channel open area can’t get full open position, as shown in figure 1 b). So intensely vibration will not 
take place when oil system turn to heat from full cooling state. It just takes place when oil system turn 
to cool from full heating state. 

Figure 3 - Flow and pressure difference characteristic curve of thermostat valve 

Based on the above outline we can know that the self vibration will be taken place on the slide valve 
caused by variable hydrodynamic force when the slide valve is moved to change the channel open area. 
Heavy noise and vibration will be excited on the oil system pipe line and thermostat valve by the 
vibration of slide valve. 

4. Conclusion and improvement 
Due to the property that change of velocity is opposite to the change of pressure in the fluid. Self 

excited vibration may easily be taken place on the valve when its channel opening area is changed. 
Because of the randomness of this kind self excited vibration, it is difficult to predict at the design 
stage. In this paper, based on the hydrodynamics basic principle, we have outlined the mechanism of 
known self excited vibration of thermostat valve which key part is a slide valve. According to the flow 
and pressure variation characteristic of this thermostat valve, the result of analyze is fit as same as the 
practical phenomenon. 

It is not very difficult to solve this self excited vibration problem based on the flow and pressure 
variation characteristic of the thermostat valve. Because this vibration noise phenomenon is often 
taken place at the moment of channel opening area starting to be decreased from full open. If this 
procedure can be passed quickly by hand the obvious vibration noise would be avoided. It is the 
suggestion that turn the hand adjusting shank of thermostat valve when the heating channel opening 
area starts to be decreased. Let the procedure of closing heating channel and opening cooling channel 
pass the time of intense vibration noise quickly. 
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Simulation of flow noise generated by the interaction of inflow turbulence with
the leading edge of a foil
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Abstract
Noise generated by the interaction of inflow turbulence with a lifting surface may be of interest for a number
of hydrodynamic applications, including a propeller operating in non-cavitating condition. In the present work,
simulation-based methods are applied for the prediction of the radiated noise from a wing in strong inflow
turbulence, at a chord-based Reynolds number, Rec = 256000, and a Mach number of 0.09. The case has
also been investigated experimentally, and a comparison is made between measurement and simulation results.
Large-eddy simulation is employed to predict the flow, with synthetic turbulence fluctuations applied at the
inflow boundary. The LES-results are then used to compute the acoustic source terms of an acoustic analogy.
The sensitivity of the results to inflow turbulence level and turbulent length scale is investigated. The analysis is
focused on the unsteady flow features associated with flow noise generation.
Keywords: Large-eddy simulation, Flow noise, Hydroacoustics

1 INTRODUCTION
Flow noise generated by a lifting surface is an important model problem for a number of hydrodynamic applica-
tions, including a propeller operating in non-cavitating condition. For a lifting surface, several flow mechanisms
may induce significant flow-generated sound, including the trailing edge flow, the tip vortex and the interaction
between inflow turbulence and the leading edge, [2]. In certain conditions, including strong inflow turbulence,
the leading edge contribution may be dominant. In the present study, such a test case is investigated, primarily
by simulation-based methods.
Pioneering studies of leadinge-edge noise was carried out in the 1970:ies. Amiet derived an analytical model of
the radiated sound from a thin foil, [1], by analysis of scattering from a semi-infinite plane. See [13] for a later
review of developments and refinements of this approach which is widely used. An aeroacoustic measurement
campaign of leadinge-edge noise in an open jet anechoic wind tunnel, [11], was made in connection with
these original investigations. This type of models require a characterization of the inflow turbulence in terms of
intensity, in particular of the fluctuations in the upwash velocity component, and various length scales associated
with the turbulence.
The development of computational technology has lead to the possibility of employing CFD, in particular scale-
resolving simulations, in order to directly simulate the flow mechanisms generating sound. Such is the approach
of the present paper, where LES is employed to simulate the flow around the foil, including the inflow turbu-
lence which was generated by a synthetic method, [7]. The use of such high-fidelity methods has the potential
to improve predictions as compared to classical techniques, e.g. concerning the effect of wing thickness and
the deformation of turbulence in the flow around the wing. This LES approach, and its use to compute sound
sources in an acoustic analogy, was applied in, [9], to investigate aeolian tones.
The simulated case consists of isotropic and homogeneous turbulence impinging on a wing with a NACA-
0012 profile at zero angle of attack. Both radiated sound and the inflow turbulence has been investigated
experimentally for this case, [15]. The flow is simulated at conditions corresponding to the experimental set-up,
and the results are analyzed with a particular focus on to flow around the leading edge with a view to sound
generation. Furthermore, the influence of intensity and length scale of the incoming turbulence is investigated.
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1.1 Case description
The main physical parameters of the simulated case are given in table 1, and the relatively thick wing profile
is shown in figure 1. The turbulence characteristics have been inferred from the results reported in [15]. The
inflow turbulence of the simulations is characterized by a turbulence intensity, k = 4.86 m2/s2, and a turbulent
length scale of, lt = 15 mm, which are input parameters to the synthetic turbulence generation method.

Table 1. Main physical parameters, corresponding to the experimental measurements, [15], leading to a Mach-
number, Ma =V0/c = 0.09, and a chord-based Reynolds-number, Rec = cV0/ν = 256000.

Quantity Notation Value Unit
Wing length L 0.2 m
Wing chord c 0.1 m
Max. wing thickness t 11.9 mm
Velocity V0 30 m/s
Kin.visc. ν 1.17·10−5 m2/s
Sound speed c0 333 m/s

Figure 1. The NACA-0012 wing profile.

The simulation campaign, see table 2, is designed to investigate the sensitivity of the flow and the radiated
sound to changes in turbulence intensity and length scale. The first set of four simulations (Case 1–4) tests
independent variation of k and lt . The second set of three simulations (Case 5–7) tests variation of the turbulent
length scale lt around the value measured in [15]. The simulated time intervals are described in section 2, in
connection with a description of time step size and other numerical parameters.

Table 2. Simulation campaign. Turbulent kinetic energy, k, and turbulent length scale, lt , is varied between
simulation cases. For the remaining physical parameters, see table 1.

Case 1 2 3 4 5 6 7

k (m2/s2) 1.50 1.50 3.00 3.00 4.86 4.86 4.86
ly (mm) 10 15 10 15 10 15 20

Throughout this paper, the following two coordinate systems are used. A Cartesian coordinate system with the
x-axis pointing in the main flow direction, with, x = 0, at the wing leading edge, the y-axis in the spanwise
direction, with, y= 0, at mid-span, and the z-axis in order to have a right-handed coordinate system, with, z= 0,
in the plane of the wing. A polar coordinate system in the xz–plane, with radial coordinate, r = (x2 + z2)1/2,
and the polar coordinate defined with, θ = 0, in the upstream direction.

2 METHODS
The computational approach consists of incompressible LES of the flow around the foil, and then the appli-
cation of an acoustic analogy for the far-field radiated sound. The source terms in the acoustic analogy are
approximated using the simulated flow. Spatial filtering of the incompressible and viscous momentum equation
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of the flow leads to the following equation, see [14].

∂vi

∂ t
+ v j

∂vi

∂x j
=− 1

ρ0

∂ p
∂xi

+ν
∂ 2vi

∂x jx j
−

∂τi j

∂xix j

Here, τi j = uiu j− viv j, is the subgrid stress tensor and overbar indicated filtered quantities. LES subgrid mod-
elling consists of providing a computable expression for τi j. In the simulations of this paper, an implicit LES
approach was used, where the subgrid dissipation is considered to be represented by the numerical diffusion,
see e.g. [6]. See, [14], for a general reference on LES and, [9], and the references therein for more information
about the particular approach and implementation used here. From now on, the overbar notation is dropped
and use is made of the notation, u = v1, v = v2, and w = v3 for the velocity components. The acoustic analogy
employed was proposed in, [5], and also employed in [8, 9]. The formulation supports so-called porous acoustic
surfaces for the sampling of flow quantities for source computation, but here the acoustic surface is chosen to
coincide with the foil, which reduces the method to that proposed by Curle, [3]. The results analysis below is
however strongly focused on the flow around the leading edge.
The flow solver and the acoustic analogy have been implemented in the open source software library Open-
FOAM, see [10] and the references therein. The finite volume method was used to discretize the LES equations,
with cell-centered storage of the unknown quantities. All approximations are second-order accuracte. For the
convective scheme, a blending is used with 25% second-order upwind and 75% linear scheme. This ensures an
adequate level of numerical dissipation for ILES, [12]. The computational domain is the following rectangular
block.

−24cm < x < 110cm −10cm < y < 10cm −50cm < z < 50cm

Recall that the wing chord is, c = 10cm, and the leading edge is located at, (x,z) = (0,0). At the inflow,
x =−24cm, a uniform inflow, with turbulence characterized by k and lt , is prescribed. This boundary condition
for synthetic turbulence, [7], is implemented in an openly available library to OpenFOAM.
The computational grid is generated as a block-structured grid with hexahedral cells. Care must be taken to
make the grid sufficiently fine to sustain the convection of the inflow turbulence and also to allow a proper
representation of the boundary layer over the wing. The total number of cells in the grid is 46 ·106. Between
the inflow and the leading edge, the cells are roughly rectangular blocks with maximum cell edge length in the
three coordinate directions of, ∆x ≈ 1.0mm, ∆y ≈ 1.0mm, and ∆z ≈ 0.5mm. This is to be compared with the
simulated turbulent length scales, 10mm < lt < 20mm. The Re-number is sufficiently low so that there is no
transition to turbulence in the boundary layer over the wing. Hence the wing is simulated as laminar and no
wall model is employed. This implies that very thin cells (aiming for y+ ≈ 1) must be used adjacent to the
wing in order to resolve the boundary layer profile. The typical height of the first cell layer over the wing is,
∆h≈ 10 µm.
The simulations are time-resolved and CFL-number limited. The time step, ∆t = 1 µs, was used in all simula-
tions. This time step can be compared to the wing flow-pass time, Tf p = c/V0 ≈ 3.33ms. The simulations were
started from a uniform flow state and simulated during 20 ms (= 6Tf p) before the flow was considered to have
assumed a statistical steady state. After that, flow statistics was gathered during at least 10 ms for all simulation
cases, and up to 90 ms for the most interesting cases.

3 RESULTS
An illustration of the simulated flow around the wing, for Case 6, is shown in figure 2. From the stagnation
line along the leading edge, the flow is accelerated over the wing until it reaches the adverse pressure gradient
near the trailing edge. The scales of the inflow turbulent structures, lt = 15mm, can be seen relative to the wing
thickness, t = 11.9mm. The radius of curvature at the leading edge is, rc = 1.6mm. Additional unsteadiness
develops in the flow near the trailing edge, as can be seen in the surface pressure distribution. The structure of
the turbulence in the near wake of the wing can also be seen in the figure.
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Figure 2. Illustration of the simulated flow around the wing (Case 6). The instantaneous axial velocity, u, is
shown on a streamwise plane (y constant) and on a cross-plane (x constant) in the near wake. The range of the
color scale is, 10m/s < u < 40m/s. The instantaneous pressure distribution on the wing is shown in grey scale
with range, −600Pa < p < 200Pa.

Figure 3. Flow statistics for Case 6. The normalized mean axial velocity, 〈u〉/V0, is shown in the top graph,
with color scale in the range, 0.0 – 1.2. The second graph shows the standard deviation of axial velocity
fluctuations, normalized by the free-stream velocity, σ(u′)/V0, with color scale in the range, 0 – 10%. The
third graph shows, σ(v′)/V0, and the bottom graph shows, σ(w′)/V0, both with the same color scale range, 0 –
10%.
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The flow statistics, for Case 6, is shown in figure 3. The mean flow is not significantly affected by the strong
inflow turbulence, but shows the usual behaviour for a wing at no angle of attack. Near the leading edge,
the level of fluctuations behaves quite differently for the three components of velocity. The inflow value, k =
4.86m2/s2, corresponds to, σ(u′)/V0 = 6%, and the same for the other two velocity components. This level is
roughly maintained as the inflow turbulence is convected from the inflow to the leading edge. In the vicinity of
the leading edge, the axial fluctuations, σ(u′), decreases sharply while the upwash fluctuations, σ(w′), displays a
rapid increase. The spanwise fluctuations, σ(v′), exhibits a mild increase near the whole wing surface, including
at the leading edge.

Figure 4. Time series and spectrum of velocity components in a point 10 cm upstream of the leading edge,
at (y,z) = 0,0, for Case 6. The left graph shows the time series of the three velocity components during the
complete simulation interval. The right graph shows the power spectral density of the corresponding time series.
The vertical lines in the right graph indicates the turbulence frequency, ft = 2 kHz, and the grid frequency,
f∆x = 30 kHz.

The inflow turbulence, for Case 6, is shown in figure 4, in terms of the velocity signals (both time series
and spectrum) in the indicated point location 10 cm upstream of the leading edge. The initial flat part in the
time series, up to t ≈ 5 ms, indicates the time it takes for the inflow turbulence to be convected from the
inflow boundary to the point. After that, the curves show similar level of turbulent fluctuations around the
local mean value. The influence of the wing is negligible at this point. The power spectral densities of the
velocity fluctuations are also shown in figure 4. The length scale of the inflow turbulence, lt = 15 mm, which
is convected with the free-stream velocity, corresponds to a frequency, ft =V0/lt = 2 kHz, which is indicated in
the graph. Also of interest are the finest scales which are possible to resolve in the LES computation. To get
an idea of this, the grid size, ∆x ≈ 1.0 mm, can likewise be converted to a frequency, f∆x = V0/∆x ≈ 30 kHz,
which is also indicated in the graph. The power spectral densities decrease with a factor ∼ 109 between these
two frequencies.
The turbulence deformation around the wing was shown in figure 3. In figure 5, the same quantities are plotted
along a streamwise line upstream of the leading edge of the wing. Figure 5 also compares results from Cases
5–7 and measurement data from [15]. The focus is on the levels of fluctuations, but the mean velocity curve is
included to show the upstream influence of the leading edge, which is noticeable up to ≈ 5 mm upstream of the
leading edge. The level of fluctuations in the velocity components show very significant discrepancies between
the simulations and the measurements. The measurement data is taken from figure 12b in [15]. It should be
pointed out that this is a difficult aspect of the flow to measure, and also to simulate to some extent. First it is
observed that there is a problem with the measurement data for σ(u′), since this quantity is required to decay
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Figure 5. Flow statistics along a streamwise line at, (y,z) = (0,0), upstream of the wing leading edge. Com-
parison of results from Case 5–7 (line style indicated in the figure) with measurements from figure 12b in [15],
shown with the full line in the three graphs (for fluctuation levels). The top graph (contains no measurement
data) shows the normalized axial mean velocity, 〈u〉/V0. The remaining three graphs show the standard deviation
of the velocity fluctuations in percent, for u′, v′ and w′ respectively.

to zero at the leading edge. As is clear from figure 3, only a small deviation in the measurement point implies
that this decay is missed. For the other two components, spanwise (v′) and upwash (w′), both simulations and
measurements show a significant increase close to the leading edge, at a distance of less than 2 mm, say. The
measured increase is however very much larger than that predicted by simulations. E.g. σ(v′) increases from
the inflow value of 6% to 17% in the measurements, whereas the maximum value in the simulations of this
quantity is only around 9%. Similar discrepancy is also noted for σ(w′). Based on the simulation results, the
effect of turbulent length scale can also be investigated. The only quantity in figure 5 which is affected by this
is the upwash fluctuations, σ(w′). An increase in turbulent length scale leads to an increase in peak σ(w′). The
maximum for Case 5 (lt = 10 mm) is 8%, the maximum for Case 6 (lt = 15 mm) is 11%, and the maximum for
Case 7 (lt = 20 mm) is 11%,
Next, the influence of the turbulent length scale, lt , on the radiated noise is checked using the model of
Amiet, [1]. In figure 6, these predictions are compared with the measurement data from [15]. Results are
compared in a microphone placed 1 m above the leading edge of the wing, roughly in the main radiation direc-
tion. According to Amiet’s model, an increase in lt leads to a shift of the spectrum towards lower frequencies,
and has a minor effect on the level. The agreement with measurement data is reasonable, but not sufficiently
good to determine which lt corresponds best to the experimental set-up. It is also noticeable that the mea-
surement resolution for low frequencies is not sufficient to identify whether a peak exists in the spectrum. A
further interesting uncertainty which concerns the model is how large the error is in the thin foil approxima-
tion. The assumption in the model is that of scattering from a plane (zero thickness) whereas the thickness
of the NACA-0012 foil is comparable to the turbulent length scale. Furthermore, as was discussed for fluctu-
ations in velocity components in connection with figures 3 and 5, the turbulence is significantly deformed at
the leading edge. Hence, the inflow values (k, lt ) are hardly accurate at the sound source (the leading edge).
These are well-known issues, see e.g. [4, 13], and various techniques exist to improve the models, such as
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Figure 6. Sound-pressure spectrum in a microphone located 1 m above the wing leading edge, (x,y,z) =
(0,0,1)m. The curves indicate spectra obtained with Amiet’s model, [1], with k = 4.86 m2/s2 and varying
turbulence length scale, lt , as indicated in the graph (10, 15 and 20 mm, respectively). The measurement data
is from figure 14 in [15].

Rapid-distortion theory as applied in, [15]. It is however an area where LES-based predictions may provide a
significant improvement over existing techniques due to the potential to accurately simulate the interaction of
the inflow turbulence with the foil leading edge. At the time of writing of this paper however, the processing of
the results from the acoustic analogy has not been fully carried out, but will be included in future publications.

4 CONCLUSIONS
Large-eddy simulation was applied to investigate a foil in strong inflow turbulence, corresponding to the ex-
perimental set-up of [15]. The influence of turbulence level and turbulent length scale was investigated in the
simulation campaign. The turbulent length scale, 10–20 mm, is comparable to the thickness of the foil, 11.9 mm.
The analysis was focused on the flow around the leading edge, and the deformation of the turbulence in this
region, including comparison with measurements.
Significant modification of the level of fluctuations in the velocity components occurs only quite near to the
leading edge, at a distance of less than 2 mm. Hence it is challenging to characterize it with measurements,
and it is also believed that many RANS turbulence models have difficulties prediction the components of the
Reynolds stress in this region. At the same time, these flow features are critical for the flow-generated sound
at the leading edge.
The results in figure 5 show large discrepancies between the LES results and the measurements of [15]. In
the author’s opinion, the LES results are more accurate. This is supported by the unphysical behaviour of the
measurement curve for σ(u′) which should decay to zero at the leading edge, and also by the fact that the grid
resolution for LES should be sufficiently fine to accurately capture this part of the flow. This opinion should
be substantiated by a mesh refinement study, which would provide error estimates for the LES prediction. It
is noted that the measurements of this difficult flow quantity are not provided with uncertainty quantification
in [15]. The simulation results show an increase in the fluctuation level of the upwash velocity component near

5318



the leading edge as the turbulent length scale, lt , is decreased. The fluctuation level of the other two velocity
components is rather insensitive to lt .
In conclusion, further work is necessary to clarify the exact behaviour of the turbulence near the leading edge.
It is believed that LES is a tool which can provide accurate prediction of the relevant flow quantities. These
can then be used either as input to simplified noise models of the type described in, [1, 13], or directly input
into an acoustic analogy as described in section 2. At the time of writing of this paper, the processing of the
results from the acoustic analogy has not not been fully carried out, but will be included in future publications.
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Abstract
An experimental and numerical investigation of the flow around and noise produced by a blunt edged flat plate
in a reverberant water tunnel is presented. The flow is at a Reynolds number based on chord of 6.8× 106 and
a Mach number of 5.3× 10−3. Experimental measurements were taken in the Australian Maritime College
Cavitation Research Laboratory closed recirculating variable-pressure water tunnel. Hydrophones mounted in
the tunnel wall and pressure sensors attached to the plate were used to measure the pressures generated by the
turbulent flow over the plate. A large eddy simulation was also conducted, with hydrodynamic pressures on the
surface of the plate extracted and combined with Curle’s acoustic analogy to predict the pressure fluctuations
on the wall of the water tunnel. The numerical predictions are found to agree well with the experimental
measurements.

Keywords: Flow-induced noise, Computational hydroacoustics, Experimental measurement

1 INTRODUCTION
The aim of the present work is to investigate and measure non-cavitating flow-induced noise within the Aus-
tralian Maritime College Cavitation Research Laboratory closed recirculating variable-pressure water tunnel and
to numerically predict this noise. Development and application of flow-induced noise prediction techniques have
focused almost exclusively on aerodynamically generated sound, see for example Refs. [1, 2, 3, 4]. Further, a
large number of high quality aeroacoustic flow and noise measurements are present in the literature [5, 6, 7, 8].
These studies provide a valuable source of benchmark data for development of predictive numerical models.
Applying aeroacoustic prediction techniques to study the generation and propagation of flow-induced noise in
water is not always straight forward. This was demonstrated in the recent work of Ianniello [9]. He showed
that non-linear flow noise sources, traditionally neglected in low Mach number aeroacoustics, make a significant
contribution to the flow-induced noise generated by a marine propeller. Also, marine applications are charac-
terised by very high Reynolds numbers and very low Mach numbers which further widens the separation of
hydrodynamic and acoustic scales that are present in aeroacoustic problems. It is therefore important to de-
velop numerical flow-induced noise prediction techniques for hydroacoustic applications and to validate these
techniques against experimental measurements of flow noise obtained in water.
In the present work, experiments on the flow and noise produced by a blunt edged flat plate are conducted
in the Australian Maritime College Cavitation Research Laboratory closed recirculating variable-pressure water
tunnel. A large eddy simulation (LES) analysis of the flow is also conducted with the surface pressure on the
plate extracted and combined with a modified version of Curle’s analogy to account for the reflection of pressure
waves off the walls of the water tunnel. Numerical results and measured data are compared and discussed.

2 EXPERIMENTAL SETUP
All experiments were carried out in the Australian Maritime College Cavitation Research Laboratory closed
recirculating variable-pressure water tunnel. A schematic diagram of the tunnel circuit is shown in Figure 1.
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Figure 1. Schematic diagram of the variable-pressure water tunnel showing circuit architecture for continuous
removal of microbubbles or large volumes of injected incondensable gas and ancillaries for microbubble seeding
and for degassing of water. Microbubbles may be either injected for modelling cavitation nucleation or generated
by the cavitation itself.

The tunnel test section is 0.6 m square by 2.6 m long and the tunnel volume is 365 m3 with demineralised
water the working fluid. The nominal operating velocity and absolute-pressure ranges are 2 to 13 m/s and 4
to 400 kPa, respectively. The circuit has low background noise and vibration levels due to low velocities and
isolation from the surrounding building and all noise-generating machinery. The cavitation tunnel design and
specification is described in detail in [10].
A stainless steel rectangular plate with elliptical (4:1) leading edge was mounted vertically at the mid-span of
the tunnel test section as shown in Figure 2. The thickness H, is 46 mm and chord, L is 850 mm, giving a
test section blockage of 7.7%. The freestream velocity was maintained at 7.93 m/s such that the chord-based
Reynolds number was 6.8× 106 and the Mach number was 5.3× 10−3. The freestream absolute pressure was
maintained at 105 kPa and no cavitation was observed.
The hydrodynamic noise was measured with two hydrophones and three pressure sensors. The hydrophones
were Brüel and Kjær type 8103 models with a frequency range up to 180 kHz. One hydrophone was mounted
in the tunnel wall 70 mm downstream of the trailing edge of the plate. The wall-mounted hydrophone was
installed in a flooded cavity behind a 149 mm diameter, 10 mm thick polyurethane diaphragm as described
in [11]. The acoustic impedance of polyurethane is nearly the same as water, providing a near reflection-free
acoustic interface. The large sensing area of the diaphragm provides attenuation of the boundary layer turbulent
noise. The in-flow hydrophone was positioned 150 mm away from the tunnel wall and 280 mm downstream
of the trailing edge of the plate. Both these hydrophone signals were conditioned with a Brüel and Kjær type
2692 charge amplifier with a 0.1 Hz low-pass filter and a 100 kHz high-pass filter. Signals were recorded for
81 s with an acquisition rate of 204.8 kHz. Only results for the wall-mounted hydrophone are presented here.
The three pressure sensors were quartz-type PCB 105C02 sensors with 2.5 mm diameter sensing surfaces and
a resonant frequency of at least 250 kHz. Two pressure sensors were mounted in the two sides of the plate,
23 mm upstream of the trailing edge. These are labelled ‘near’ and ‘far’ and are situated 311.5 mm and
288.5 mm from the tunnel ceiling respectively. The third pressure sensor is located in the rear surface of the
plate, 300 mm from the ceiling. These signals were conditioned with a Kistler 5080A amplifier.
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Figure 2. Top-view of the bluff plate as it is placed in the tunnel test-section.

3 NUMERICAL FLOW-INDUCED NOISE PREDICTION
3.1 Hydrodynamic Data and Acoustic Sources
In addition to the experiments, an LES of the unsteady flow field around the plate is performed by filtering
the incompressible Navier-Stokes equations to separate the hydrodynamic fluctuations into resolved and sub-grid
scale components. The filtered incompressible Navier-Stokes equations are given by

ρ f
∂ ûi

∂ t
+ρ f

∂

∂yi
(ûiû j) =−

∂ p̂
∂y j

+2
(
µ f +µSGS

) ∂

∂y j
Ŝi j (1)

∂ û j

∂y j
= 0 (2)

where p̂ is the filtered pressure and ûi represents components of the resolved velocity vector. µ f and ρ f are
the viscosity and density of the fluid at rest. Ŝi j is the strain rate tensor of the resolved scales. The wall-
adapting local eddy-viscosity model in [12] is used to define the eddy viscosity, µSGS, which accounts for the
influence of the sub-grid scales on the filtered motion. Due to the high Reynolds number, it is computationally
impractical to resolve the velocities into the plate viscous sublayer. Instead, the wall model of Spalding [13] is
used to model the effect of the near wall stresses on the flow.
A hybrid mesh is constructed comprising a fully structured core mesh around the plate and in the wake region,
as well as an unstructured mesh created away from the plate to reduce cell count. Further, only a 0.07m
spanwise section of the model has been considered with periodic boundary conditions applied to reduce the
total number of CFD cells. The flat plate CFD model contained a total of 110× 106 hexahedral cells. The
streamwise, wall normal and spanwise near wall cell sizes in non-dimensional wall units are x+ ≈ 50, y+ ≈ 12
and z+ ≈ 60, respectively. The CFD model extends 1.5m upstream of the leading edge and 3.65m downstream
of the trailing edge. Figure 3 shows the CFD model and associated mesh.
The pressure implicit with splitting of operator (PISO) algorithm was used to deal with the pressure-velocity
coupling during solution of the LES equations. A second-order backward implicit scheme was utilised for
the temporal discretisation. A blended spatial differencing scheme was used with 80% second order central
differencing and 20% second order upwind differencing for the non-linear terms in the momentum equations. A
standard second order central differencing scheme was applied for all other spatial discretisations.
The transient simulation was executed with a time step size of 2.5× 10−6 s and was allowed to progress until
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Figure 3. CFD model for the blunt edge flat plate, inserts show the CFD mesh near the leading and trailing
edges and the far wake.

the flow field achieved quasi-periodicity. Recording of the surface pressures on the plate then commenced with
the pressure stored at intervals of 5×10−4 s. Curle [14] demonstrated that at low Mach numbers, the dominant
contribution to the sound produced by a body in flow can be represented by a distribution of dipoles on the
surface of the body, with the dipole force obtained from the surface pressure. Time histories of the surface
pressures were divided into equal segments with a length of 458 records and 50% overlap. A Hanning window
function was applied to each segment of the surface pressure time histories before converting them to frequency
spectra.

3.2 Propagation of Flow-Induced Pressure Waves
The pressure waves generated by fluctuating surface pressures propagate to the far field and are reflected, scat-
tered and diffracted by objects in their path. This is of particular importance in the reverberant environment of
the water tunnel. To account for reflection of the pressure waves by the tunnel walls, the method of images
is used to consider multiple radiation paths from surface sources to the receiver location. Based on Curle’s
analogy, the pressure at a receiver point is given by [14]

pa (x,ω) =
∫

S
p(y,ω)

∂Gr (x,y,ω)

∂n
dS (3)

where x is the location at which the pressure is computed. S is the surface of the plate, y is a source point on
the plate and n is the unit normal at the source point. p is the surface pressure and ω is the angular frequency.
Gr (x,y,ω) is the three-dimensional harmonic Green’s function used to describe the propagation of the acoustic
waves from source point y to receiver point x and includes the influence of the image receivers as follows

Gr =
N

∑
s=0

eika|xs−y|

4π |xs−y|
(4)

where i =
√
−1, ka is the acoustic wave number and xs is the location of the sth image receiver. s=0 represents

the physical receiver location. In the present work, 10 image receivers were used for each of the top, bottom,
left and right walls of the tunnel, representing a total of 41 receivers including the physical receiver location.
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Figure 4. Isosurfaces of Q-criteria coloured by vorticity magnitude.

4 RESULTS AND DISCUSSION
4.1 Hydrodynamic flow field
Figure 4 presents isosurfaces of the Q-criterion coloured by the magnitude of the vorticity vector and shows
the structures in the flow past the plate. Slightly downstream of the elliptical leading edge, the flow undergoes
laminar to turbulence transition with the turbulent boundary layer developing along the length of the plate. At
the blunt trailing edge the flow separates, forming two shear layers which roll up into vortices that are shed
into the wake forming a von Karman vortex street. Figure 4 shows that the vortices contain flow features with
a wide range of scales. Hence the pressure waves produced at the vortex shedding frequency and its harmonics
are likely to contain significant broadening of the tonal peaks. Also, the smaller scale turbulent structures in
the boundary layer that convect past the blunt trailing edge are expected to produce broadband noise at higher
frequencies.

4.2 Surface pressure results and measurements
Figure 5 presents a comparison between the measured and predicted surface pressure at the ‘near’ pressure
sensor location shown in Figure 2. The broadened tonal peaks correspond to the vortex shedding frequency
and its harmonics. The LES simulation predicts the vortex shedding frequency to occur at a non-dimensional
Strouhal number based on thickness of Sth =0.252 which is within 7% of the measured value of 0.236. Within
the frequency range from 10 Hz to 400 Hz, the autospectral density of the trailing edge pressure predicted with
the LES follows the same general shape observed in the measured data, with the vortex shedding frequency and
its second and third harmonics well captured. However, the magnitude of the autospectral density of the trailing
edge pressure predicted by the LES within this frequency range is between 3 to 6 dB higher than the measured
value. It is important to note that the same frequency bandwidth was used for both numerical and experimental
data processing to ensure that the tonal peaks from both data sets encounter the same averaging. Above this
frequency range the predicted surface pressure diverges from the measured data. Additional LES analyses are
currently being carried out in an attempt to improve the agreement between predicted and measured surface
pressure data.

4.3 Wall mounted hydrophone results and measurements
The surface pressures on the plate, predicted with the LES analysis, are combined with Curle’s analogy using
equation (3) and including 40 image receivers to account for reflections off the tunnel walls. The pressure at the
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Figure 5. Autospectral density of the surface pressure at the trailing edge.

Figure 6. Comparison of predicted and measured pressure at the wall mounted hydrophone location.

wall mounted hydrophone location is then estimated. Figure 6 shows that there is excellent agreement between
the sound pressure level (SPL) predicted from the LES/acoustic analogy approach and the measured pressure at
the wall mounted hydrophone. The broadened tonal peak at the vortex shedding frequency is well predicted as
is the broadband pressure at higher frequencies. However, the ongoing LES analyses that aim to achieve greater
agreement between predicted and measured surface pressures near the trailing edge of the plate may change the
predicted wall mounted hydrophone pressures and this will be assessed in the future work. Figure 6 also shows
the background noise level measured for 8 m/s flow in the tunnel with no plate present. There is sufficient
difference between background noise levels and the pressure levels measured at the wall mounted hydrophone
when the plate is present to allow for meaningful comparison between numerical and measured data.

5 CONCLUSIONS
Experimental measurements and numerical predictions of the flow and noise produced by a blunt edged flat
plate in a reverberant water tunnel has been presented. The experimental data indicates that the flow-induced
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noise levels measured at the wall mounted hydrophone are significantly above the background noise levels of
the tunnel and hence are suitable for validation of numerical predictions of the flow-induced noise. The large
eddy simulation of the flat plate, and subsequent prediction of the pressure fluctuations at the wall mounted
hydrophone location using an acoustic analogy agree well with the measured data.
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ABSTRACT 

This paper presents the results of a preliminary experimental study into the effect of add-on type finlets on the 

aeroacoustic performance of a wind turbine aerofoil. The content mainly deals with the turbulent boundary 

layer - trailing edge broadband noise characteristics subjected to the add-on finlets. The test program seeks to 

test various combinations of finlet height and spacing present on the (1) suction side only, (2) pressure side 

only, and (3) both suction and pressure sides. Each finlet parameter configuration is tested at jet velocity 

U=30m/s and 45m/s, at geometric angles of attack AOA (Angle of Attack) (geometric) = 10°, 0°, -10°. Based 

on the data acquired thus far it is observed that a finlet usually performs best with increasing height and 

decreasing spacing. Under configurations (1) and (2), finlets are able to produce up to 2dB Sound Power 

Level broadband noise reductions, where configuration (3) offers broadband reductions of up to 7dB Sound 

Power Level, with potential to observe more reductions once optimised. The main parameter for improved 

performance of finlets is the spacing rather than the height. Finlet height does not offer significant impact on 

the performance if the spacing is not optimal. The established trend for optimal finlet parameters remains 

consistent for all AOA, offering improved performance at high positive angles, which has a practical 

application to wind turbine blades. 

Keywords: finlets, trailing edge, aerofoil, noise, reduction 

1. INTRODUCTION 

The current GEN1 STE (Serrated Trailing Edge) technology enabled wind turbine manufacturers to 

reduce the turbine self-noise predominantly in the range of 5-7dB in lab conditions (Gruber, Joseph, & 

Chong, 2010) (Moreau, Brooks, & Doolan, 2011) and validated to reduce in the range of 1.5-3dB in 

various field tests (Mathew, Singh, Madsen, & Leon, 2016). Now, in a wider scope, noise regulations 

on peri-urban areas place a strict clamp on noise emissions emitted from var ious aspects of the 

specified environment, be it residential, transport, infrastructural, or industrial. The wind industry is 

faced with a decision to meet these strict environmental regulations, either make the turbines quieter, 

or run them slower. It is evident that de-rating a wind turbine for several hours a day, over the span of 

a year add up to an immense quantity of lost kilowatt-hours in AEP (Annual Energy Production), and 

therefore a loss in profit. STEs have enabled turbines to run faster, and for  longer under conditions 

where they would normally have to be de-rated. This results in a 6% AEP increase per turbine (Van Der 

Velden, Romani, & D.Casalino, 2018). 

In a mission to further reduce noise emissions from wind turbines, enabling them to be placed either 

closer to populated areas, or operate at higher RPMs (Revolutions Per Minute) under noise emission 

restrictions, new types of passive devices must be considered beyond current STE technology. The 

nominal target is to achieve a further 3dBA noise reduction across a grouping of turbines.  

TBL - TE (Turbulent Boundary Layer – Trailing Edge) noise accounts for most of the noise 

emission in wind turbine blades operating within their design regimes. As described in the previous 

section, the components of this mechanism include a turbulent boundary layer, resultant fluctuations in 

flow pressure, and a surface to scatter from, namely the trailing edge. To introduce changes into this 

mechanism, altering any one of these components will result in the spectral noise characteristics of the 

subject aerofoil. 

A device/technique of particular interest comes from research done by (Millican, 2017) and (Clark, 

et al., 2015) from Virginia Polytechnic Institute which describes how the thick follicles on the trailing 
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edge of an owl’s wing create a sort of canopy, and thus suppress any pressure fluctuations. The 

parameters at play are the finlet spacing, height, and extension beyond the trailing edge. Firstly, the 

trailing edge extensions are detrimental to noise reduction performance, so will not be included as a 

parameter in the testing. The height parameter increases the performance of the finlet, especially  at 

high AOAs (Clark, et al., 2015). The final parameter is the finlet spacing, where a smaller gap will 

continue to improve the noise reduction performance to the point where they are small enough to cause 

vortex shedding. Noise reductions attained to date are in the region of 2-7dB SPL (Sound Pressure 

Level) from 1.5 to 10kHz (Millican, 2017). An emerging hypothesis suggests that the finlet 

performance is mainly accredited to the sheltering of the trailing edge from large turbulence  structures, 

and the reduction of spanwise coherence of these structures.  

A detailed study done by (Afshari, Szoke, Denghan, & Azarpeyvand, 2016) analysed through a 

temporal cross correlation method, has found that surface pressure fluctuations have the highest 

correlation with upstream eddies. When implementing the finlets, results indicated a reduction in 

correlation at regions far away from the surface of the aerofoil, leaving behind an increase in the near 

wall correlation. This phenomenon is likely due to the breaking up of the large scale eddies down to 

smaller ones when passing between the finlets. 

Based on what is known, prospective methods lie ahead in studying the near wall TBL structures, 

with strict correlation studies with the outer boundary layer dynamics. In the long term, this should lay 

the groundwork for exploring means to control the TBL through the breaking down of turbulent eddies 

from the upstream regions through to the trailing edge, in a goal to fine tune a passive device to reduce 

noise within a particular band. In addition, knowledge of the exact TBL structures, in near and outer 

wall regions, pre- and post-surface treatment, will shed light on numerical methods which can be 

implemented in a specific finlet design task. 

2. WIND TUNNEL FACILITY, DATA ACQUISITION, TEST PARAMETERS, 

BASELINE DEFINITION 

Far field noise measurements were conducted in the anechoic chamber at Brunel University. The 

anechoic chamber is fitted with an open loop open jet nozzle measuring 100mm in height, and 300mm 

in width. This wind tunnel is characterised by a freestream turbulence intensity of 0.1-0.2%, and a 

maximum jet velocity of 80m/s. The open jet noise characteristics of this wind tunnel have been 

validated by three case studies, all of which demonstrate a very low background noise relative to noise 

radiated from the test aerofoil (Vathylakis, Chong, & Kim, 2014). Far field noise measurements were 

taken using a polar array of eight microphones at a 1.0m radius each, situated at θ = 50°, 60°, 70°, 80°, 

90°, 100°, 110°, 120° from the trailing edge respectively, with the aerofoil itself clamped between two 

vertical sideplates extending from the nozzle. The noise data was acquired at a sampling frequency of 

40kHz for 10s by a 16-bit DAC from National Instruments. The Power Spectral Density of 1Hz 

Bandwidth and frequency resolution of 40kHz was generated using a 1024 point Fast Fourier 

Transform within MATLAB. The data is processed as  where  is the sound power 

level,  is the medium density, is the speed of sound in the given density,  is the observer distance, 

 is the acoustic pressure level at a given frequency interval, integrated across all microphone angles 

where . The data is converted back to decibels by 

 where  

Equation 1 PWL (Sound Power Level) definition 

OAPWL (Overall sound power level) is derived by taking the integral of the power level spectrum. 

To obtain a greater sensitivity to changes in noise emission/reduction, the spectra ar e integrated 

between 1000-16000Hz. The OAPWL values were determined using the following method; 

 

Equation 2 OAPWL (Overall Sound Power Level) definition 

and ∆OAPWL is computed by taking the OAPWL of a given case and subtracting the dB values of 

the respective baseline case from it. Therefore a negative value of ∆OAPWL denotes noise reduction, 

while a positive one denotes noise increase. 

In setting up the test aerofoil, a forced boundary layer transition was promoted using pieces of 

turbulator tape placed on the suction and pressure side of the aerofoil. This removes the laminar 

instability tonal noise as seen in Figure 1 at ~2kHz and ~3.5kHz for 30 and 45m/s respectively. The 
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laminar instability noise is quite dominant in this aerofoil, therefore implementing a forced transition 

method ensures that the results obtained are using a consistent turbulent boundary layer under 

controlled conditions. The setup comes with a trade-off as zig-zag tips of the trip tape generating a 

visible peak at 8kHz and 15kHz for U=30 and 45m/s respectively at AOA=-10°, seen in Figure 1 on the 

black line spectra. 

 

Figure 1 PWL, forced transition dependency, 

AOA=0° at U=30, 45m/s. 

Figure 2 PWL, baseline AOA dependency 

To further characterise the aerofoil, it is important to understand how the spectrum is expected to 

change with varying AOA, as shown in Figure 2. Under tripped conditions the spectra between AOA 

(geometric) = 10°, 0°, -10° shows a crossover between 2kHz and 4kHz, but this crossover is minimal. 

This may suggest that the range of effective AOA is small across the range of geometrical AOA tested 

in the current study. 

By acquiring PWL data from a range of velocities U = 20, 30, 40, 50, 60m/s, any anomalies or 

unaccounted for phenomena can be observed. Apart from the aforementioned trip tape tonal peak 

visible at 30 and 40m/s for AOA=-10° at 8kHz and 16kHz respectively, the progression between 

velocities appears to be predictable. Taking the OAPWL values of each velocity spectrum from Figure 

3, the obtained OAPWL values can be scaled against the U power law in Figure 4. Seeing as both 

curves are near parallel, one could confirm that the trailing edge noise is being radiated out in a dipole 

source manner. In one observation, it is worth noting that despite a large change in AOA up to ±10°, the 

spectrum does not change significantly, even though the boundary layer is expected to vary 

significantly at such angle deviations. Further boundary layer measurements will be required to 

explore the matter. 

 

Figure 3 PWL, U dependency, AOA=0° at U=20, 

30, 40, 50, 60m/s. 

Figure 4 U power scaling, showing TE noise as 

dipole noise source 

In order to confirm the noise reduction characteristics of finlets, a set of parameters described in 

Figure 5 were outlined in Table 1 with the following ratios of finlet height, and spacing, relative to a 

unit finlet thickness. The test program seeks to test all the various combinations of fi nlet height and 

spacing for the suction side only, and pressure side only as stated in Table 1, to observe the individual 

perceived reductions in OAPWL, and ∆OAPWL in relation to the baseline tripped aerofoil. Each f inlet 

parameter configuration is tested at U=30m/s, and 45m/s, at AOA (geometric) = 10°, 0°, -10°. 

 

PS Finlet height (hX) Finlet spacing (s) SS Finlet height (hX) 

 

Figure 5 Finlet parameters described 
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Finlet height (hX) hA < hB < hC < hD < hE 

Finlet spacing (sX) sA < sB < sC <sD 

Table 1 Finlet parameters as ratios of unit thickness 

3. SPACING-HEIGHT MATRICES, RESULTS AND OBSERVATIONS 

To fulfil the aim of the current study into finlets, a series of test were conducted in combining the 

parameters outlined in Table 1. There is a separate case-set for AOA (geometric) = 10°, 0°, -10° at 

U=30m/s and AOA (geometric) = 10°, 0°, -10° at U=45m/s for pressure side of the aerofoil. The tested 

configurations are visible along the x-axis on the left-side absolute OAPWL plot, using spacing as an 

intermittent independent variable, and finlet height as the dependent. This way, the overall noise 

reduction trends can be visualised as a function of finlet height and spacing.  

By observing the data ∆OAPWL surface plots, we can see an increase in performance with 

increasing finlet height, and reduction in finlet spacing. It is evident that the finlet performance 

decreases with high spacing and low height, as it would be exposing more of the trailing edge, now 

with additional bluntness. Where the finlets really do perform exceptionally is at high angles of attack. 

Based on the data, the additional height of the finlet does not add any detriment to the acoustic 

performance at near-zero AOA, but does add a considerable advantage at AOA=±10°. 

With regards to the finlet parameters, spacing becomes the dominant factor, a trend which is 

confirmed by the works of (Clark, et al., 2015) and (Millican, 2017). By analysing the trend in absolute 

OAPWL, more closely packed finlets show greater increased in performance for every additional 

percent in added height. This however does not hold for more widely spaced finle ts. What becomes 

curious with the suction side finlet performance in Figure 6 and Figure 7, is the relationship between 

sA and sB finlets. In both 30 and 45m/s cases, we see that the sB finlet shows a gradual performance 

increase with finlet height, where with sA the performance remains relatively unchanged up to and 

including sC. at hD, the sA finlets show an abrupt increase in performance. When observing data from 

the pressure side finlets, performance changes are more gradual across all spacings with the  sA finlet 

performance scaling well with increasing height.  

3.1 Finlet suction/pressure side only, U=30m/s, U=45m/s 

 

Figure 6 Finlet SS, OAPWL plot, ∆OAPWL surfplot, U=30m/s, AOA=0° 

 

Figure 7 Finlet SS, OAPWL plot, ∆OAPWL surfplot, U=45m/s, AOA=0° 
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Figure 8 Finlet PS, OAPWL plot, ∆OAPWL surfplot, U=30m/s, AOA=0° 

 

Figure 9 Finlet PS, OAPWL plot, ∆OAPWL surfplot, U=45m/s, AOA=0° 

3.2 Finlet suction and pressure side combination 

Figure 10 show the PWL spectra for finlets at suction and pressure sides when the same finlet 

configurations sA and hE are installed respectively. PWL produced by the untreated aerofo il is also 

included for comparison. Both cases exhibit good level of broadband noise reduction, but the surface 

add-on treatment on the pressure side seems to generate larger level of noise reduction than the suction 

side. This could be due to the finlet being more optimised to the TBL at the pressure side than the 

suction side. To understand more about the relationship between finlet configuration effects on the 

TBL, further testing and examination will be required. Secondly, is that in combination, the reduction 

performance is significantly augmented in the broadband spectrum, being able to offer reductions from 

2kHz and upwards, while tracking the jet noise very closely offering reductions up to 7dB PWL.  

 

Figure 10 PWL comparison, baseline, finlet SS and PS, jet noise, AOA=0°, U=30m/s, 45m/s 

To supplement the conclusion of improved finlet performance in relation to a baseline at high AOA, 

Figure 11 shows that between finlet-only configurations, performance is improves with increasing 

AOA. This is demonstrated by the red curves for AOA=10°, with noise emissions rising for AOA=0° 

and AOA=-10° respectively. Interestingly, the greater sensitivity of TE noise radiation with respect to 

the AOA, as exhibited by aerofoil with finlet treatment in Figure 11, is markedly different with the 

untreated, baseline aerofoil shown in Figure 2. This demonstrates that the finlet has disrupted the 

development of turbulent boundary layer far greater than the variation in pressure gradient. In a 

previous observation, it was stated that the main performance altering factor in finlets is the spacing 

parameter, and not so much the height. This would point into the direction that finlets exploit a 

boundary layer structure, whose prominence is characterised by a spanwise correlation length scale.  
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Figure 11 PWL, finlet SS+PS combi. AOA dependency 

To model noise emissions of aerofoils under various configurations, a number of numerical models 

were devised over the years in the field of aeroacoustics. One of the better known methods was done by 

Amiet, which requires knowledge of the wall pressure spectrum near the trailing edge. The model 

itself does contain some inherent limitations, the first being the aerofoil is assumed to be a straight 

infinite flat plate extended into the upstream or downstream direction for leading and trailing edge 

noise respectively. The geometric effects of an aerofoil such as its shape, camber, thickness, trailing 

edge thickness is not considered, but rather the local wall pressure data used in the model. The far field 

acoustic spectrum  can be predicted by Amiet’s model from:  

 

Equation 3 Amiet TE noise model 

is the observer position with the origin located at centre-span on the trailing edge, 

is the observer location relative to the origin, where  is the acoustic wave number and 

 is the chord length, is the foil semi span, is the acoustic transfer function where 

 being the transfer function of the trailing edge, and the back-scattering leading edge correction 

done by (Roger & Moreau, 2005), is the wall pressure power spectral density, s the 

spanwise correlation length, The spanwise length correlation  is brought by the Corcos model 

(Corcos, 1967), same as in the Modified Howe model as is the convective 

velocity, is a variable constant, and is a specified angular frequency. 

In the works of (Clark, et al., 2015), (Millican, 2017), and (Afshari, Szoke, Denghan, & 

Azarpeyvand, 2016), a common hypothesis is upheld, where the performance of the finlet is mainly 

characterised by a combination of shifting the large turbulent  structures away from the trailing edge, 

and the reduction of the spanwise coherence. In relation to the Amiet model presented in Equation 3, 

this would be seen in the reduction of the spanwise correlation , brought by the Corcos model 

(Corcos, 1967). The second parameter is the reduction of surface pressure fluctuations near the trailing 

edge as described by (Afshari, Szoke, Denghan, & Azarpeyvand, 2016) and (Bodling & Sharma, 2018) 

which would be impacting on the  parameter of the model. 

 

Figure 12 Comparison between spectra from current study (left) and study conducted by (Clark, et al., 2015) 

(right). 

In the absence of detailed flow measurement in the current study, the results obtained in this study 

are found to be in line to that of (Clark, et al., 2015), as shown in Figure 12. The results obtained here 

confirm some of the basic trends observable in finlet configuration geometry with regards to their 

aeroacoustics performance at varying speeds and AOA. 
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4. CONCLUSIONS AND FURTHER WORK 

To conclude this short study into the aeroacoustic performance trends of finlets, several outcomes 

become clear; Finlet performance improves with increasing finlet height, and decreasing spacing. 

Individually, finlets are able to produce up to 2dB broadband noise reduction with no trade-off. A 

combination of suction side and pressure side finlets offers excellent reductions up to 7dB, and can 

offer more once optimised. The main parameter for improved performance of finlets is the spacing 

rather than the height. Finlet height does not offer any significant impact on the performance if the 

spacing is not optimal. With regards to AOA performance, the established trend for optimal finlet 

parameters remained consistent for all AOA, offering greater reductions at high angles, which is a 

good sign for practical applications in wind turbine blades.  

Further work based on this study would include the boundary layer measurements through the use 

of multi-hotwire and wall pressure transducers. This is required to understand how finlets affect the 

aforementioned spanwise correlation , and surface pressure fluctuation variables . The 

main focus would be to correlate the near wall changes in the boundary layer to the simultaneous 

changes in the far-field measurements. This would serve well in developing a numerical 

solution/extension to an existing semi-empirical aerofoil noise model to get a closer look into the full 

potential of optimised finlet reduction performance. 

Exploring the TBL eddy structure in the near wall and outer wall region in details is imperative, 

especially that a non-linear effect for the boundary layer contribution to the noise radiation subjected 

to finlet treatment has been observed. Having the ability to use correlation studies to char acterise the 

use of finlets in breaking down large TBL structures into smaller ones could shed light on the future 

development of multi-stage noise reduction devices. These devices would focus on the upstream flow 

to disrupt turbulence inducing phenomena, paired with methods of sheltering the trailing edge from 

high energy turbulent structures. 
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Abstract
The flow around circular cylinders is one of the major aeroacoustic noise source mechanisms. Such a cylinder
represents a simple model for technical applications like parts of the landing gear of airplanes, train pantographs,
antennas or other protruding parts of vehicles. A reduction of the flow noise is especially desirable since it
contains both a broadband component and tonal components due to the regular vortex shedding. One approach
to reduce this noise is to cover the cylinder with flow-permeable materials, such as foams or porous rubbers.
In a recent experimental study in the aeroacoustic wind tunnel at the Brandenburg University of Technology,
both the aerodynamic noise radiation as well as the flow field around a set of porous covered cylinders were
investigated. The acoustic measurements were performed at Reynolds numbers (based on cylinder diameter)
between 16,000 and 100,000 using single microphones, while the detailed flow measurements were done using
hot-wire anemometry. The results show the influence of the material properties and of the thickness of the
porous layer on the aeroacoustic noise and on the turbulence in the wake of the cylinders.
Keywords: Porous Cylinder, Vortex Shedding, Aeroacoustic Noise

INTRODUCTION
The noise generated by a two-dimensional cylinder in a cross flow is a fundamental problem in aeroacoustics. It
is composed of both broandband noise and a strong tonal noise contribution generated by the regular shedding
of vortices (the so-called aeolian tone). Thus, much research is done to study the effects of passive porous
coatings on the flow field and the associated generation of aeroacoustic noise [1–16].
The present paper is a continuation of a previous study [8] on the reduction of vortex shedding noise from two-
dimensional cylinders through the use of porous covers. However, the current paper focuses on the measurement
of the flow in the vicinity of the porous covered cylinders. Only selected results of the acoustic measurements
will be shown to correlate the flow field results.

MEASUREMENT SETUP
2.1 Wind Tunnel
All experiments took place in the small aeroacoustic open jet wind tunnel at the Brandenburg University of
Technology in Cottbus [17], using a nozzle with a rectangular exit area of 0.23 m × 0.28 m. With this nozzle,
the maximum flow speed is in the order of 60 m/s, with a low turbulence intensity in the order of 0.2 %. The
circular cylinders were fixed between two side plates, with a distance of 0.15 m from the nozzle exit area.

2.2 Porous Cylinders
As in [8], the cylinders examined in the present study consist of non-porous core cylinders made of polyurethane,
which are covered by different flow permeable materials. The resulting outer diameter D of these cylinders is
30 mm, with a length l of 0.28 m. This results in an aspect ratio l/D of 9.3. In most cases, the diameter
of the core cylinder, d, was 10 mm, while for one porous cover this parameter was varied, taking values of
6 mm, 10 mm, 15 mm and 20 mm. This was done in order to examine the influence of the thickness of the
porous layer on the noise generation and the flow field. The porous materials are characterized by their airflow
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Table 1. Overview of cylinders used for the present study (for the cases with the outer cylinder diameter printed
bold, only acoustic measurements were performed)

Name Material Description l D d r
(mm) (mm) (mm) (Pa s/m2)

Reference - (non-porous) polyurethane 280 30 - ∞

Porous 1 Regufoam Vibration 190 plus rubber-polyurethane-composite 280 30 10 314,800
Porous 2 Getzner CM GR 0525 polyurethane 280 30 10 141,300
Porous 3 Damtec Black Rubber rubber granulate 280 30 6, 10, 15, 20 9,400
Porous 4 Packing Foam polyurethane 280 30 10 4,100

Figure 1. Photograph of the four cylinders (half-)covered by Damtec Black Rubber (from top to bottom:
d = 20 mm, 15 mm, 10 mm and 6 mm)

resistivity r, which was measured according to ISO 9053 [18]. In total, acoustic measurements were performed
on cylinders covered with 19 different materials, while flow measurements were only performed on a subset of
these cylinders. For brevity, results will only be shown in the present paper for seven different cylinders (four
porous covers plus different thicknesses) and a non-porous reference cylinder with the same outer diameter D
that serves as a baseline. Table 1 lists these cylinders, while Figure 1 shows a photograph of the cylinders half
covered by Damtec Black Rubber.

2.3 Acoustic Measurement Setup
For acoustic measurements, the wind tunnel test section is surrounded by absorbing side walls, leading to a
quasi anechoic measurements environment for frequencies approximately above 125 Hz. The cylinders were
mounted vertically (along the z-direction). The measurements were conducted with 16 1/4th inch free field
measurement microphones, located on a horizontal arc centered at the cylinder axis approximately at mid span
(see Figure 2). The exact microphone positions are at azimuthal angles of 30◦ to 130◦ in 10◦-steps on one side
and -30◦ to -110◦ in 20◦-steps on the other side of the cylinder, with a distance of 0.66 m to the cylinder axis.
For brevity, only results obtained with the microphone located at +90◦ to the flow will be shown in the present
paper.
The data were recorded with a sampling frequency of 51.2 kHz and a duration of 90 s using a National
Instruments 24 Bit multichannel measurement system. In post processing, the time data were converted to the
frequency domain by a Fast Fourier Transformation (FFT) on Hanning-windowed blocks of 16,384 samples with
an overlap of 75 % using Welchs method [19]. This lead to sound pressure level spectra with a frequency step
size of 3.125 Hz.
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Figure 2. Photograph of the setup for the acoustic measurements

2.4 Flow Measurement Setup
In order to quantify the flow field around the cylinders, Constant Temperature Anemometry (CTA) was utilized.
For these experiments, the cylinders were mounted horizontally (along the y-direction). The measurements were
performed using a Dantec single wire P11 probe, which was positioned using a 3D traverse system with a
minimum step size of 0.1 mm, and a Dantec 8-channel CTA hardware system. The sampling frequency was set
to 25.6 kHz. A photograph of the measurement setup is shown in Figure 3(a).
In total, three different kinds of measurements were performed. First, profiles of the mean velocity and the
turbulence intensity were obtained along the vertical direction at four downstream distances of 0.5D, 1D, 5D and
10D in the wake of the cylinders, approximately at mid span. Thereby, the turbulence intensity was calculated
as the ratio of the root-mean-square value of the turbulent velocity fluctuations to the “outer” flow speed U0.
Figure 3(b) shows a schematic of the setup used for these measurements. Second, power spectral densities of
the turbulent velocity fluctuations were measured at a point one outer diameter downstream and one half outer
diameter off center, approximately at mid span. This was done for ten flow speeds approximately between 8 m/s
and 52 m/s. Finally, the coherence γ2 was measured along a spanwise line one outer diameter downstream from
the cylinders. This was done using two identical probes. One probe was fixed, with a distance of one outer
diameter from the side plate, while the other was traversed along the span in steps of 2.5 mm (D/12) away
from the first probe.

RESULTS
3.1 Acoustic Results
Figure 4 exemplarily shows sound pressure level spectra obtained for the different cylinders at a single flow
speed of 40.7 m/s. In agreement with previous results shown in [8], it is visible that the porous covers do not
lead to a complete suppression of the vortex shedding tone, but to a notable narrowing of the peak. At the same
time, the peak level may even increase compared to the reference cylinder. The noise reducing effect is better
for porous covers with low air flow resistivities (Figure 4(a)). Although the effect is rather small, in increase of
the thickness of the cover (or a decrease of the inner diameter d) is also beneficial, as visible in Figure 4(b).

3.2 Flow Field Results
The effect of the porous covers on the wake profiles of the mean velocity and the turbulence intensity is shown
for two different distances in Figures 5(a) and 5(b). It can be seen that the porous covers lead to a reduced
mean velocity and a reduced turbulence intensity directly downstream of the cylinder in its shadow zone. For
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(b) Schematic of the wake measurements (not to scale)

Figure 3. Setup for the constant temperature anemometry measurements
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Figure 4. Sound pressure levels measured at a flow speed of 40.7 m/s (Re = 80,700)

x/D = 0.5, the mean velocity in the side region (the shear layer) is increased due to the porous covers, but
their effect on the turbulence intensity in this region is very small only. The width of the shear layer seems to
be increased for the porous cylinders, since the region of high turbulence has an increased extent in z-direction.
Power spectral densities of the velocity fluctuations measured at different flow speeds in the wake of the cylin-
ders are shown in Figure 6. Basically, the same trend is visible as for the acoustic spectra shown in Figure 4:
The porous covers lead to a narrowing of the vortex shedding peaks and to an increase of the peak amplitude.
The latter effect is again presented in Figure 7(a), where the magnitude of the vortex shedding peak of the
turbulence spectra is shown as a function of the Reynolds number Re = U ·D/ν (with ν being the kinematic
viscosity of the fluid). Basically, the peak magnitude of the porous covered cylinders is always higher than that
of the reference cylinder. Materials having a low airflow resisitivity lead to higher peaks than materials with
low air flow resistivities, while there is no clear trend regarding the influence of the thickness of the porous
cover. The trend regarding the corresponding Strouhal number based on vortex shedding, Sr = fpeak ·D/U0, is
more complex, which is shown in Figure 7(b). At Reynolds numbers approximately below 40,000, the Strouhal
numbers of the porous covered cylinders are slightly below that of the non-porous reference cylinder. At higher
Reynolds numbers, the Strouhal numbers of the porous covered cylinders increase notably to values well above
that of the reference cylinder. Thereby, materials with low air flow resistivities lead to a higher Strouhal number
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Figure 5. Profiles of mean velocity (top) and turbulence intensity (bottom) measured at two downstream dis-
tances at a flow speed of 34 m/s (left: close to the cylinder, right: far downstream of the cylinder)

than materials with low air flow resistivities. Such a behavior was also observed in previous acoustic measure-
ments [8].
Finally, the spanwise coherence γ2 between data from one hot-wire probe at a fixed position and one hot-wire
probe that was traversed along a spanwise line in the wake of the cylinders is shown in Figure 8. Interestingly,
the coherence measured for the porous covered cylinders is much stronger along the spanwise direction than for
the reference cylinder. This means that turbulent structures, which are shed from the porous covered cylinders,
have a greater spanwise length than for the baseline case. Thus, the flow noise reduction that can be achieved
by the porous covers is not caused by any disturbance of the spanwise coherence. Still, it can be observed
that, as is the case for the turbulence spectra measured in the wake (Figure 6), the maxima of the spanwise
coherence appear narrower along the frequency axis.
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Figure 6. Power spectral densities of the velocity fluctuations measured at velocities between 8 m/s and 52 m/s
(the opacity of the lines decreases with increasing flow speed)
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On the effects of leading edge serrations on aeroacoustic

properties during stall
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ABSTRACT

The effect of leading edge serrations on the surface pressure fluctuation spectra and boundary layer
quantities of a NACA 0012 airfoil has been investigated experimentally, with an emphasis on reducing
airfoil separation and stall noise. Five leading edge serration add-ons with various serration heights
and wavelengths have been tested in conjuction with a highly instrumented NACA 0012 airfoil. It is
shown that all serrations cause a significant increase in surface pressure fluctuation spectra in the pre-
stall region. However, for angles of attack in the post-stall regime, surface pressure fluctuation spectra
reductions of up to 15 dB have been observed for some serrations. These surface pressure fluctuation
spectra reductions have been linked to the changes observed in the complex flow-field near the trailing
edge, namely boundary layer thickness and velocity fluctuation reductions, as a result of the counter-
rotating vortex pairs generated by the respective serrations.
Keywords: Leading Edge Serrations, Separation and Stall Noise, Flow Control, Surface Pressure Fluc-
tuations, Trailing Edge Noise.

1 INTRODUCTION
As the global renewable energy production is increasing rapidly in order to combat man-made climate
change, wind turbines are playing a more prominent role. However, concerns have been raised regard-
ing noise emission from wind turbines (1). Brooks et al. reported five different airfoil self-noise mechanisms
(2), the most relevant for wind turbine noise are trailing edge noise and stall/separation noise. While trailing
edge noise and its mitigation has been the subject of a variety studies (2–7), aeroacoustics of separation/stall
have received comparably less research attention. Previous experimental studies have found that stall can
result in large low-frequency noise and surface pressure spectrum increases (8–10). Stall noise is also hypoth-
esized to significantly contribute to low frequency wind turbine noise, when rapidly changing environmental
conditions result in localized stall (11). Recently, leading edge serrations were found to reduce low-frequency
stall noise, but increase high-frequency noise (12) and previously, leading edge serrations have been utilized
in the field of aeroacoustics to reduce airfoil turbulence interaction noise (13–15). Aerodynamically, leading
edge serrations, sometimes also termed leading edge tubercles, have been found to reduce the generated
pre-stall lift, while increasing drag for a range of airfoils at moderate Reynolds numbers (16, 17). By contrast,
in the post-stall regime, leading edge serration can increase the lift coefficient due to the counter rotating
vortices forming over them (16, 17).

This paper aims to experimentally examine the effect of leading edge serrations on the near-field hydro-
dynamics, especially during stall. Section 2 will introduce the experimental setup, as well as the utilized
airfoil and the leading edge serration add-ons, before preliminary surface pressure fluctuation and hot wire
results are presented in Section 3. Lastly, Section 4 will provide conclusions and an outlook on future work.

∗Ph.D. Researcher Aerospace Engineering, yannick.mayer@bristol.ac.uk.
†Research Associate Aerospace Engineering, nick.zang@bristol.ac.uk.
‡Corresponding Author, Reader in Aeroacoustics, m.azarpeyvand@bristol.ac.uk.
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2 EXPERIMENTAL SETUP
2.1 Overview

Experiments were conducted in the aeroacoustic wind tunnel facility of the University of Bristol (18). This
study used the larger nozzle with exit dimensions of 500 mm width and 775 mm height at a free stream
velocity of U∞ = 20 m s−1. The nozzle is connected to a test section with tensioned Kevlar windows at the top
and bottom, allowing acoustic sound waves to pass through while limiting excessive flow deflection. The
angle of attack of the utilized NACA 0012 airfoil with a chord of c = 300 mm is controlled by a high torque
servo motor as detailed by Mayer et al. (19). An overview of the experimental setup and a photo of the
NACA 0012 airfoil in the test section is shown in Fig. 1.

The NACA 0012 airfoil is tripped by a zig-zag turbulator trip tape, located at approximately 13 % of the
chord on both airfoil sides. The airfoil is equipped with 87 static pressure taps together with 91 embedded
microphones placed under 0.4 mm diameter pinholes, namely direct sensing FG-23629-P16 microphones and
remote sensing Panasonic WM-61A microphones. All microphones were calibrated in magnitude and phase
referenced to a G.R.A.S. 40PL microphone.

(a) (b)

Figure 1. (a) Upstream view of the test section with the NACA 0012 airfoil installed and (b) Isometric ren-
dering of the experimental setup: (A) servo motor, (B) coupling and bearing, (C) NACA 0012 airfoil and (D)
tensioned Kevlar cloth.

2.2 Serration add-ons

Table 1. Serration parameters.

No. h/c0 λ/h Designation

1 0.05 1.0 H05Λ10
2 0.10 0.5 H10Λ05
3 0.10 1.0 H10Λ10
4 0.10 2.0 H10Λ20
5 0.15 1.0 H15Λ10

Five different leading edge serration add-ons are investigated
in this study for varying amplitudes, h, and wavelengths, λ , as
detailed in Table 1 and displayed in Fig. 2. The serration add-
ons were 3-D printed in polylactic acid material using a dual
extrusion Ultimaker 3 printer. All serrations were sanded to
provide an aerodynamically smooth surface and since the 3-D
printer limited the maximum spanwise serration size, multiple
3-D prints were combined. Aluminium foil tape and polyester
flash tape were used to achieve an aerodynamically smooth
transition between each individual piece as well as the airfoil
and the serrations were tripped consistently with the base air-
foil. Variable sized serration pieces on the left and right allowed the serration tip and root plane to be aligned
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with the chordwise-placed in-situ microphones of the airfoil.

Figure 2. Overview of sections of all serration add-ons used in this study.

The serration add-ons overlap the existing airfoil for 60 mm with a final thickness of 0.4 mm and the
mean chord changes sinusoidally in the spanwise direction. Since this study focuses on serration add-ons,
the mean chord, c0, differed for each serration amplitude and was chosen such that the root chord was equal
to 305 mm to ease manufacturing of the serration add-ons with sufficient structural integrity. In order to
create the chordwise varying serration profiles, the baseline NACA 0012 airfoil profile was scaled along the
chord direction.

2.3 Data acquisition and postprocessing

All microphone and hot-wire measurements were sampled simultaneously at a frequency of 215 Hz for 32 s
using five 16-channel NI PXIe-4499 modules mounted in a NI PXIe-1062Q chassis. All microphone signals
are zero-phase high-pass filtered at 20 Hz, to account for the low-frequency limit of both microphones. A
Dantec 55P15 boundary layer hot-wire probe was traversed using two Thorlabs LTS300 stages and operated
via a CTA91C10 module. The probe was calibrated daily using a Dantec 54H10 calibrator. The power spectral
density (PSD) of the surface pressure fluctuations, φpp, is estimated via Welch’s method using a window size
of 211 samples and a Hamming window with 50 % overlap, resulting in a frequency bin size of 16 Hz. All
surface pressure spectra are normalized with a reference pressure of p0 = 20 µPa.

3 RESULTS AND DISCUSSION
This section presents surface pressure spectra and boundary layer results for the tip and root plane of all
serrations in comparison with the baseline airfoil for different chordwise sensor locations and geometric
angles of attack. The baseline airfoil stalls at approximately α = 14◦ angle of attack (9) and the results are
presented for α = 0◦, 10◦ and α = 15◦ to investigate the effect of the serrations in different flow regimes.

3.1 Surface pressure fluctuations

Figure 3 shows the surface pressure PSD spectra in the serration tip and root plane at x/c = 0.43 for three
angles of attack. It is discernible that the difference between the root and tip plane pressure spectra decreases
as the angle of attack is increased. At α = 0◦, the spectra of all serrations differ by no more than 4 dB for all
frequencies displayed and for the root plane, the pressure spectra exceed the baseline spectrum by up to
10 dB, while exceeding the baseline spectrum by only up to 3 dB for the tip plane.

The difference between all serrations and the baseline is much more pronounced at α = 10◦, as the spectra
of the serrations exceed the baseline spectrum by up to 25 dB. Additionally, the serration spectra do not peak
at 1000 Hz as the baseline case, but rather at frequencies below 200 Hz. Both observations indicate that
the flow structures present in the flow have considerably increased in size, which points toward a thicker
boundary layer or even flow separation, as serrations can cause earlier stall (16). Increasing the serration
amplitude h for λ/h = 1, leads to an energy increase in frequencies greater than 200 Hz, while at lower
frequencies, a serration amplitude of h/c0 = 0.1 results in the lowest surface pressure fluctuations. On the
other hand, greater serration wavelengths for an amplitude of h/c0 = 0.1 reveal that the widest serration,
H10Λ20, results in the highest surface pressure spectra across the whole frequency range. While H10Λ20
exceeds H10Λ05 by 8 dB at low frequencies, this rises to 25 dB at high frequencies. It is hypothesized that
larger and wider serrations induce counter rotating vortex pairs (CVP) with increased vorticity explaining
this change. Lastly, it should be mentioned that for the tip plane, a hump between 100 Hz and 300 Hz occurs
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for two serrations, namely H15Λ10 and H10Λ20, which could also be caused by the CVP.

Finally, for α = 15◦, the trends concerning varying serration wavelength and amplitude are almost identi-
cal. At low frequencies however, the serrations no longer exceed the baseline spectrum significantly, but are
rather below the baseline case, except for the shortest serration, H05Λ10. It is also notable that the shortest
serration H05Λ10 has an almost identical surface pressure spectra as the baseline case, suggesting a large
degree of similarity between their flow fields.

(a) (b)

(c) (d)

(e) (f)

Figure 3. Surface pressure PSD at x/c = 0.43: (a) α = 0◦ root, (b) α = 0◦ tip, (c) α = 10◦ root, (d) α = 10◦ tip,
(e) α = 15◦ root and (f) α = 15◦ tip.

Figure 4 shows the surface pressure PSD spectra in the serration tip and root plane at x/c= 0.99 for α = 0◦,
10◦ and 15◦. It can be seen that the root and tip plane pressure spectra difference does not exceed 5 dB, and is

5346



(a) (b)

(c) (d)

(e) (f)

Figure 4. PSD at x/c = 0.99: (a) α = 0◦ root, (b) α = 0◦ tip, (c) α = 10◦ root, (d) α = 10◦ tip, (e) α = 15◦ root and
(f) α = 15◦ tip.

therefore smaller than at x/c = 0.43. This is indicative of a spanwise more homogeneous flow field and hence
hydrodynamic pressure field. At α = 0◦, the spectra of all serrations and the baseline case differ by no more
than 2 dB for all frequencies displayed, for both the tip and the root plane.

Again, the difference between all test cases is much more pronounced at α = 10◦, as the spectra of the
serrations exceed the baseline spectrum by up to 20 dB at low frequencies. The peak frequency of the pres-
sure spectra has decreased further compared to x/c = 0.43, which is explained by a thicker boundary layer.
For a constant serration amplitude of h/c0 = 0.1, the sharpest serration, H10Λ05, possesses the highest low
frequency ( f < 200 Hz) energy and the second highest mid and high frequency energy in comparison to
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H10Λ10 and H10Λ20, while H10Λ10 has the lowest energy content. Comparing the results for a constant ser-
ration sharpness of λ/h = 1, it is evident that the longest serration H15Λ10 leads to the lowest low frequency
( f < 100 Hz) pressure fluctuations, but the highest fluctuations for all other frequencies.

For α = 15◦, the trends have changed considerably. The pressure fluctuation spectra for all serrations are
lower than the baseline spectrum for the complete frequency range displayed. The best performing serration
for frequencies below 100 Hz is the longest serration, H15Λ10, exhibiting a reduction of 10 dB. However,
for all other frequencies serration H10Λ10 leads to the highest reduction in surface pressure fluctuations,
reaching values of up to 15 dB.

3.2 Hot wire results

This section concerns the hot wire measurements conducted near the trailing edge, at x/c = 0.98. Figure 5
shows the mean velocity, U , and the velocity fluctuations root-mean-square, U

′
rms, boundary layer profiles

for α = 0◦, 10◦ and 15◦, normalized with the velocity at the edge of the boundary layer, Ue. For α = 0◦, all
serrations lead to an increased boundary layer thickness and velocity deficit for both the root and the tip
plane. Additionally, the outer region of the boundary layer shows an increase in velocity fluctuations for all
serrations. These changes confirm the observations from the pressure fluctuation spectra which showed a
small increase between the serrations and the baseline case.

However, at α = 10◦, significant differences are visible in the boundary layer profiles. The boundary layer
thicknesses for all serrations exceed the baseline boundary layer thickness by up to 300 % and the boundary
layers of the serrations H05Λ10 and H10Λ05 are on the verge of separating. This is a possible explanation for
the fact that these two serrations possess the largest low frequency ( f < 100 Hz) energy in their surface pres-
sure spectra. Similarly, the maximum velocity fluctuations have almost doubled in magnitude for H05Λ10
and H10Λ05, while the other three serrations also display considerable increases, in particular near the air-
foil surface. These elevated velocity fluctuations near the surface of the serrations H15Λ10 and H10Λ20,
i.e. the widest and longest serrations, could offer an explanation for the surface pressure increases at fre-
quencies in excess of 100 Hz for those two serrations. It is assumed that these two serrations both create
stronger counter-rotating vortex pairs resulting in a reduced velocity deficit, but greater associated velocity
fluctuations.

Finally, for α = 15◦, the two serrations H05Λ10 and H10Λ05 reveal similarly separated boundary layer
velocity profiles as the baseline case, albeit with larger vertical boundary layer separation extents, possibly
due to an increased mean chord length. On the other hand, the remaining three serrations have resulted
in velocity profiles with comparable boundary layer thicknesses and reduced velocity deficits, which are
likely related to stronger CVPs for these larger and wider serrations. Interestingly, the serration with the
smallest velocity deficit, H10Λ20, shows the largest near wall velocity fluctuations of all cases up to y/c = 0.2,
including the baseline case. These velocity fluctuations might explain why this serration has the highest
surface pressure spectra of all serrations, except for frequencies below 60 Hz. Lastly, the serrations H10Λ10
and H15Λ10 possess the lowest velocity fluctuations throughout the boundary layer in combination with a
reduced boundary layer thickness compared to the baseline case. This ultimately yields the lowest surface
pressure fluctuation spectra for these two serrations.

4 FINAL REMARKS
The effect of five leading edge serration add-ons, with various serration heights and wavelengths, on the
surface pressure fluctuations and velocity field has been investigated. It is concluded that serrations cause
significant increases in surface pressure spectra mid chord, both pre- and post-stall. Similar increases were
recorded near the trailing edge, but limited to the pre-stall regime. Post-stall, surface pressure spectra re-
ductions of up to 15 dB have been observed for the serrations H10Λ10 and H15Λ10 and the flow-field results
near the trailing edge are consistent with this observation. The serration add-ons are found to cause sig-
nificant boundary layer thickness increases, prior to reaching the stall angle of attack of the baseline airfoil.
Post-stall however, the serrations H10Λ10 and H15Λ10 reduce the boundary layer thickness in combination
with smaller velocity fluctuations, compared to the baseline airfoil. The authors therefore hypothesize that
serrations require a certain minimum length to be effective in reducing surface pressure fluctuations, and in
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(a) (b)

(c) (d)

(e) (f)

Figure 5. Hot wire measurements at x/c = 0.98: (a) α = 0◦ root, (b) α = 0◦ tip, (c) α = 10◦ root, (d) α = 10◦ tip,
(e) α = 15◦ root and (f) α = 15◦ tip.

addition, a wavelength-to-serration amplitude ratio near unity appears to reduce surface pressure fluctua-
tions in the post-stall regime.

Most certainly, the complex flow fields caused by different serrations and their effect on the unsteady
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surface pressure generation begs further research. Future investigations will take further advantage of the
highly instrumented airfoil by investigating the static pressure coefficient, spanwise coherence spectra of
the pressure fluctuations and far-field noise measurements. Additionally, surface pressure-velocity field
coherence studies will shed further light on the pressure generation regions of the flow field.
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ABSTRACT 

Leading-edge undulations or tubercles of humpback whale flippers have been known as one of biomimetic 

technologies adaptable to flow control of aerofoils, particularly at post stall conditions. These leading-edge 

undulations are also known to reduce noise resulting from an interaction with on-coming turbulence. We 

have recently carried out a parametric study of a NACA 65(12)-10 aerofoil with a view to optimise the 

amplitude and the wavelength of leading-edge undulations for noise reduction and aerodynamic 

enhancement. A 3x3 test matrix composing of three amplitudes (h = 3%, 6% and 12% chord) and three 

wavelengths ( = 10%, 20% and 30% chord) was used in the investigation, where lift, drag and noise were 

measured at the Reynolds number of 10
5
. In this test, a turbulence-generating grid was installed at the inlet of 

the test section to increase the turbulence level in the freestream and to promote transition to turbulence near 

the leading edge of aerofoils without a need for a trip device. Within the test matrix considered, we found that 

the best improvement in CL,max is given with the greatest wavelength and amplitude, whereas the maximum 

noise reduction is obtained with the small wavelength and the large amplitude.  

Keywords: Leading-edge undulation, NACA 65(12)-10, Lift, Drag, Noise 

1. INTRODUCTION 

Energy and environmental problems have become so critical to our current and future life that vast 

areas of scientists and engineers tackle these problems. Surely, these challenges are also significant 

motivations for most of researches in fluid mechanics. Among these, studies on low Reynolds flows 

around aero- or hydro-foils have long been carried out with this aim for the use of engineering 

applications such as propellers, windmills, helicopters, spoilers in automobiles, etc (1). Apart from the 

extensive studies on the generic shapes of an aerofoil associated with the boundary layer separation (2), 

many auxiliary methods have been devised to overcome the limit of their performances (3). These 

control methods can be categorised in different way, one of which divides them into active and passive 

ones depending on whether power are required for the control or not (1). Various active methods 

include plasma actuators for momentum addition (4) or streamwise vortical structure generation (5), 

synthetic jets (6), pneumatic blowing or suction (7), acoustic excitations (8), etc. Although the active 

methods have such advantages like comparatively high effectiveness and targeted controllability in 

time and space, passive control methods are attractive alternatives as they are because of the relative 

simplicity for the realization, less cost and no power requirement although it could have an adverse 

effect on the performance on off-design conditions for the actuators. The devices or mechanisms 

developed for passive control over low Reynolds number flows around foils include tripping wires to 

energise boundary layer for the promotion of transition to turbulence (9), Gurney flaps (10), vortex 

generators (11), etc. Nature inspires scientists or engineers in developing flow control methods one of 

which is tubercle or leading edge undulations discovered from the pectoral flipper of a Humpback 

whale.    

The detailed morphology on Humpback whale’s flippers was evaluated in (12) as an elliptically 

tapered, symmetrical aerofoil with leading edge undulations (LEU) and the measurements of the lift 

and drag of their test models were made in (13) which reported that the LEU delayed stall angle, 
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increased lift and decreased drag. On the contrary, when the LEU were applied to the test model of the 

same cross-section with that in (13) but of infinite span without taper, the maximum lift coefficient 

(CLmax) of the aerofoil with LEU was reduced or equal to the aerofoil with smooth leading edge 

although the lift in post-stall was dramatically increased (14). For most of studies where two 

dimensional infinite span of aerofoils were tested (15-17), the CLmax was not increased whereas stall 

was delayed compared to the corresponding smooth leading-edged aerofoils. 

In addition to the effects of LEU on aerodynamic performances, their aeroacoustic effects have also 

been investigated. Adoption of LEU in the flat plate was shown in (18) to reduce aerofoil turbulence 

interaction noise and optimum wavelength of LEU was identified in (19) with regard to the transverse 

integral length scale. It is reported in (20) that peak and adjacent broadband noise coming from the 

aerofoil in the flow without artificial increase of turbulence were reduced by adopting LEU.   

In our previous study, two dimensional infinite span of a NACA 65(12)-10 aerofoil, which is 

cambered and whose type of separation (21) is trailing edge separation at 10
5
 of Reynolds number 

based on its chord length, was employed to investigate the effects of various cross sectional shapes 

with the amplitude and the wavelength of leading edge profile on the planform. As continuation of this 

work, the present study will demonstrate the results on the optimization of the two parameters in terms 

of aerodynamic and aeroacoustic performances. 

2. Experimental Setup 

2.1 Aerodynamic Force Measurement Facility 

Aerodynamic force measurements were carried out in an open-return wind tunnel at the University 

of Nottingham. The dimension of the test section is 0.91 m wide x 0.75 m high and 1.5 m long. In these 

tests, a vertically installed aerofoil model was positioned at the mid-span, 0.1 m above the floor and 

0.7 m downstream from the inlet of the test section. A schematic of the experimental set-up is shown in 

Figure 1. The aerofoil was connected to a force balance by an aluminium strut which was covered by 

an aerodynamic shaped fairing fixed to the wind tunnel floor. A circular plate in 150 mm diameter was 

attached to the bottom of the aerofoil, which was set in a circular hole provided by a 360 mm x 260 mm 

rectangular endplate. This allows the aerofoil to rotate through its transverse axis to change the angle 

of attack during the measurements. The top endplate, which is identical to the bottom endplate but 

without a hole, was fixed at the top of the aerofoil with a 2 mm gap. Each endplate had an elliptic 

leading edge with a major-to-minor axis ratio of 6 to 1. A 3-component force transducer (Kyowa, 

LSM-B-SA1, rated capacity: 10 N) was used to measure the drag and the lift on the aerofoil. The force 

balance was mounted on a turntable which was connected through a 2:1 gear to a stepping motor.  The 

minimum angle of rotation of the turntable was 0.45 degree.  

 

 
                               (a)                                   (b) 

Figure 1 (a) A schematic of the experimental set-up (not to scale) and (b) the grid geometry. The 

unit for distance is mm.  

 

In order to promote early transition of the boundary layer over an aerofoil, a perforated plate with 

a mesh size (M) of 25 mm was installed in a wind tunnel 0.56 m upstream of the rotational axis of the 

aerofoil models. The open-air ratio of this turbulence generating grid was 0.64. The mesh geometry is 

shown in Figure 1(b). The turbulence intensity and the longitudinal integral length scale at x/M = 22, 

where the aerofoil was installed, were 4.3% and 13 mm, respectively. The integral length scale was 

obtained using the method described in (22) and the ratio of nearly unity between the integral scale to 
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the plate thickness appears effective in promoting transition (23). Without the grid, the turbulence 

intensity at the same freestream speed was 0.3 %. 

A NACA 65(12)-10 aerofoil with 100 mm chord length and 500 mm span, therefore the aspect ratio 

5, was selected as a baseline case. The radius at the trailing edge was 0.5% of the chord length. Figure 

2 shows the cross section at the peak (blue) and the trough (red) of the aerofoil with LEU. A solid and 

dashed green line are the camber lines at the peak and the trough section, respectively. This profile was 

selected in the current optimization as it showed the highest lift coefficient among the  LEU profiles 

tested. For the optimization of wavelength and amplitude of the sinusoidal leading-edge undulation, 9 

aerofoils with 3 variations in h (3%, 6% and 12% chord) and 3 variations  (10%, 20% and 30% chord), 

were fabricated by a 3D printer, Zortrax M300 using Z HIPS (high impact polystyrene). 

 

Figure 2 The cross sectional profile (blue) and the camber line (green) in the peak and the trough 

(red) profile with the camber line (dashed green) for the NACA 65(12)-10 with LEU. 

2.2 Noise Measurement Facility 

Acoustic measurements of the aerofoil have been carried on in the open jet wind tunnel facility of 

ISVR, at the University of Southampton. It is housed in an anechoic chamber of dimensions 8 m x 8 m 

x 8 m, whose walls are acoustically treated with glass-wool wedges to reach the lowest cut-off 

frequency of 80 Hz. A large nozzle, 500 mm high and 350 mm wide, was used so that the flow 

curvature and downwash deflection effects of an open wind tunnel can be miminised. The ratio 

between the geometrical angle 𝛼𝑔𝑒𝑜𝑚 and the effective one 𝛼𝑒𝑓𝑓 in the current experiment is about 

1.35. Two side plates were located one chord-length downstream the nozzle to maintain the 

two-dimensionality of the flow. A detailed description of the facility can be found in (24). 

An array of eight half-inch condenser microphones (B&K type 4189), located at a distance of 1.2 m 

at the mid span of the aerofoil, delivered the free-field noise measurements. The emission angles of the 

microphones, relative to the downstream direction of the jet axis, were in the range of 40 to 130 

degrees. Finally, each noise measurement lasted for 20 s at the sampling frequency of 40 kHz. 

3. Results 

3.1 Aerodynamic Performance 

Figure 3 shows the lift and drag coefficients as a function of the angle of attack of an aerofoil with 

leading-edge undulation with different wavelength . Note that the force coefficients are normalized 

by the planform area of each aerofoil. Experimental uncertainties are shown by error bars for the 

baseline case in Figure 3 (a). The uncertainties in the freestream velocity, force measurements and 

angle alignment are considered to be ±0.5% FS, ±0.3% FS and ±0.3°, respectively. The Root Sum 

Square method (25) was used to estimate the combined errors. The errors in the lift coefficient were 

estimated to be 0.8 % at  = 15.3° and 2.7% at  = 5.4°. On the other hand, the errors in the drag 

coefficients were 6.5% at  = 15.3° and 11% at  = 5.4°. 

For aerofoils with LEU with a turbulence-generating grid installed in the wind tunnel (Figure 3 (a), 

(c) and (e)) CL starts to deviate from baseline data at about  = 5°. For example, CL of LEU with h/C 

= 3% and C = 10% reduces after  = 5°, then increases near the maximum lift angle and reduces 

again after stall. Previous investigations on a similar LEU (14, 16) also indicated a reduction in CL in 

pre-stall angles, which was due to the earlier separation around the trough section (17). CL of LEU with 

h/C = 3% and C = 20% or 30%, on the other hand, continue increasing up to the maximum lift angle. 

However, CL of these aerofoils (h/C = 3%) do not outperform the baseline in post-stall angles. CD 

curves of LEU with h/C = 3% collapse to the baseline data up to  = 18°, but a drag improvement can 

be found in post-stall angles. CL and CD behaviour with h/C = 6% (Figure 3 (c)) is similar to that with 

h/C = 3%. With h/C = 12% (Figure 3 (e)) CL with C = 10% reduces for all angles of attack. This may 

h 18

a
b

= =
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implicate that there exists an optimum LEU configuration for CLmax within the range of wavelength 

and amplitude being tested. CD of these aerofoils for  between 12° and 18° increases slightly as 

compared to that of the baseline, which may be caused by an earlier separation in the trough (17). With 

an increase in h/C (Figure 3 (e) and (f)), the difference in CL at the maximum lift and post-stall angles 

became larger between different wavelengths tested, particularly with the grid.  

The baseline result without grid (Figure 3 (b), (d) and (f)) is strongly influenced by laminar 

separation bubbles at the leading edge, giving a flat CL curve between  = 10° to 16°. The stall angle 

is reduced without a grid, however. As compared to the baseline result, aerofoils with LEU are 

naturally “tripped” at the leading edge even without grid. Therefore, CL and CD curves without gird are 

similar to those with grid. 

 

  
              (a) h/C = 3%, with Grid              b) h/C = 3%, without Grid 

 

  
           (c) h/C = 6%, with Grid              (d) h/C = 6%, without Grid 

 

 
(e) h/C = 12%, with Grid             (f) h/C = 12%, without Grid 

Figure 3 Lift and drag coefficients of the aerofoils with the LEU: (a) h/C = 3%, with Grid; (b) h/C 

= 3%, without Grid; (c) h/C = 6%, with Grid; (d) h/C = 6%, without Grid; (e) h/C = 12%, with 

Grid; (f) h/C = 12%, without Grid.  

 

CD

CL
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                     (a)                                (b) 

Figure 4 Contours of the differences in % values of the CLmax between the aerofoil with the LEU and 

the baseline normalized by that of the baseline: (a) With grid; (b) Without grid.  

 

Figure 4 is a contour map to show the percentage change of CLmax with LEU, which are normalized 

by the baseline CLmax ‘with grid’ and ‘without grid’ in (a) and (b), respectively. The contour lines were 

obtained by interpolating 9 data points which are indicated by red circles. The figure shows that CLmax 

is increased by increasing /C of LEU, but the increment is insensitive to the change in h/C for C < 

20%. As /C increases further, CLmax increases with an increase in h/C. CLmax for an aerofoil with /C 

= 30% and h/C = 12% is increased by about 10 % with or without grid. The differences in maximum lift 

angle between the aerofoils with LEU and the baseline are shown in Figure 5. A similarity in behaviour 

between Figure 4 and Figure 5 suggests that an increase in CLmax by LEU is accompanied by an 

increase in the maximum lift angle. While there is no significant change by LEU with grid (Figure 

5(a)), the maximum lift-angle is increased by up to 6 degrees by LEU without grid.  

      
                     (a)                              (b) 

Figure 5 Contours for the maximum lift-angle change between the aerofoil with the LEU and the 

baseline: (a) With grid; (b) Without grid.  

3.2 Aeroacoustic Performance 

Figure 6 shows spectra of sound power level for the baseline aerofoil at three different effective angles 

at the freestream velocity of 20 m/s with and without the grid. The three effective angle of attack which are 

3.7°, 14.8° and 22.3° represent pre-stall, stall and post-stall, respectively. The comparisons of the spectrums 

between with the grid (solid lines) and without the grid (dashed lines) indicate significant increase in the 

noise spectra by the interaction with the oncoming turbulent flow over the self-noise. The hump in the 

spectrum for ‘𝛼𝑒𝑓𝑓 = 3.7°, No Grid’ (blue dashed) is also found in (26) which explains that the noise is 

caused by the interaction between Tollmien–Schlichting (T-S) wave convected downstream and the 

stationary laminar separation bubble on the aerofoil. Our previous studies also showed the separation 

bubble on the baseline aerofoil in this range of angle of attack. At 𝛼𝑒𝑓𝑓 = 14.8° near stall, the amplitudes 
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between 100 Hz and 1000 Hz were higher than those at 𝛼𝑒𝑓𝑓 = 22.3° beyond stall. Below 40 Hz, small 

increases are observed with the angle of attack. For the present test cases without the grid, our previous 

studies showed that separation / stall noise (27) corresponded to the noise spectrum in 40 Hz and 2000 Hz. 

 

 

Figure 6 Sound Power Level for the baseline aerofoil at three representative angles of attack at the 

freestream velocity of 20 m/s with and without the grid. 

 

Figure 7 shows the effects of LEU on the overall sound power level obtained from the integration of 

the spectra between 40 Hz and 2000 Hz. In each graph, variations of the overall sound power level with 

angle of attack were plotted for the LEU with 3 different wavelengths and the constant amplitude. For 

comparison, the variations of the noise from the baseline with the angle of attack are repeatedly shown 

in black in each figure. The noise data for the ‘Grid’ and ‘No Grid’ are designated by solid and dashed 

lines, respectively. For the cases of the ‘Grid’, the comparison of the noise profiles between these 

figures reveals that some values of h/C are effective in reducing the interaction noise with the 

oncoming turbulence and that the reductions are seen to increase with h/C although the reductions are 

not big enough to reach the noise levels of the case of ‘No Grid’. Unlikely  the cases for ‘Grid’, the 

noise profiles show complex shapes depending on the angle of attack. Between 0° and 8° where both 

the low frequency separation/stall (40 ~ 100 Hz) and the mid frequency T/S wave-separation bubble 

interaction noise (200 ~ 2000 Hz) dominate in the spectrum, the LEUs having C = 20% and 30% with 

h/C = 6% and all thetested with h/C = 12% were effective in reducing the overall noise. Between 8° 

and 12° where highest L/D takes place, the overall noise appears to increase by the LEUs compared to 

the noise of the baseline. Beyond 18°, their effects on noise appear to have some relations with those 

on lift. This point may be indicated in Figure 8 which shows OAPWL vs. CL of the aerofoils with 

LEU. OAPWL and CL are the difference of OAPWL and CL from the aerofoil with LEU to the 

baseline. The cross correlation coefficient between them was 0.63. 

 

 
 

     (a) h/C = 3%                (b) h/C = 6%              (c) h/C = 12% 

Figure 7 Variations of overall sound power level with attack angle: (a) h/C = 3%; (b) h/C = 6%; (c) 

h/C = 12%. Blue, red and green lines designate C = 10%, 20%, 30%, respectively, whereas 

those of the baseline in black are repeatedly shown for comparison. Solid and dashed lines denote 

for ‘Grid’ and ‘No Grid’, respectively. Integration was made between 40 and 2000 Hz. 
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Figure 8 OAPWL vs. CL for aerofoils 

with the LEU at over 𝛼𝑒𝑓𝑓 = 18° without 

the grid. 

 
 

Figure 9 Contours of the noise reduction in dB 

by the LEU at 𝛼𝑒𝑓𝑓 = 15° with the grid.  

 

Contours of the noise reduction by the leading edge undulation at 𝛼𝑒𝑓𝑓 = 15° with grid is plotted in 

Figure 9. It shows that optimal parameters are located at around C = 15% and h/C = 10%. But it is not 

so meaningful because the level differences are less than 1 dB in the range of h/C larger than about 

3.5%. Taking CL into consideration, too low C and high h/C may not be a good choice as the amount 

of noise reduction is not big enough. A compromise can be made to be C = 30% and h/C = 6% 

considering drag near stall as well as CLmax and noise reduction. 

4. CONCLUSIONS 

For the continuation of previous studies on the optimization of the trough section of the leading 

edge undulation (LEU) of a NACA 65(12)-10, further explorations on the shape optimization of LEU 

were made in terms of the wavelength () and the amplitude (h) by the experimental evaluation of their 

lifts, drags and aeroacoustic noises in low Reynolds number (~ 10
5
) flow. Variations in their 

performances were also investigated in high freestream turbulence intensity (4.2%) flows. The test 

matrix for the parametric study was composed of C = (10%, 20%, 30%) and h/C = (3%, 6%, 12%). 

With a turbulence-generating grid installed in the wind tunnel, the largest increase of the CLmax 

compared to the baseline was about 10% and the best improvement in CL,max was given with the 

greatest wavelength and amplitude. The increases of the CLs at post-stall angles became greater as h 

increased although the aerofoil with the LEU of high ratio of h/ underperformed the baseline in this 

range. The CDs in pre-stall angles increased as h increased and those in post-stall angles increased with 

. Without the grid, the increases of the CL in post-stall angles by LEU were greater than those with the 

grid. The angles at CLmax of the aerofoils with LEU increased as the CLmax increased.  

The effects on the aeroacoustic noise between 20 Hz and 2000 Hz which correspond to 

separation/stall noise were also evaluated. When the grid was installed, the LEUs reduced overall 

sound power level compared to the baseline by reducing turbulence interaction noise whose frequency 

range was between 150 Hz and 2000 Hz. Without the grid, their effects on noise also depended on the 

attack angle as well as the parameters of LEU. At low angle of attack, the LEUs with large h were 

effective in reducing T/S waves-separation bubble (T/S-SB) interaction noise. The effects on the noise 

in the lower frequency range than that of the T/S-SB interaction noise were not consistent. In 𝛼𝑒𝑓𝑓 

between about 10° and 15° where the T/S-SB interaction noise disappeared, the noise components 

between 150 Hz and 2000 Hz grew larger by the LEU compared to the baseline. Beyond 15°, i.e. in 

post-stall, the effects of the LEU on the noise appeared to be correlated with those on lift coefficient. 

For the cases with the grid, the overall noise map integrated between 20 Hz and 2000Hz at 

𝛼𝑒𝑓𝑓=15° which corresponds to the angle near the maximum lift may indicate that largest noise 

reduction be achieved by the LEU with high h and . However, taking lift into the consideration, the 

advantage of the largest noise reduction is reduced since the CL increase around this parameter 

compared to baseline goes to nearly zero. A compromise can be made to be C = 30% and h/C = 6% 

considering drag near stall as well as CLmax and noise reduction.  
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Abstract
The leading-edge (LE) and trailing-edge (TE) noise due to the interaction of unsteady flow with the sharp edges
of aerofoils are common in many engineering applications. One of the most widely used reduction methods is
to use serrations, such as those of a sawtooth and a sinusoidal profile. The optimal serration geometry, how-
ever, remains largely unknown. We propose that a new ogee-shaped serration geometry can provide improved
performance over conventional sawtooth serrations for leading- and trailing-edge noise reduction. In this study
we carry out an experiment to investigate the noise reduction performance of the ogee-shaped serrations under
various flow conditions. It is found that the new serration geometry provides an additional LE noise reduction
compared to conventional sawtooth serrations under various flow conditions by up to approximately 8 dB. The
additional noise reduction benefit starts to appear when k1h > 3 and becomes larger as the frequency increases
until being hidden by the dominance of other noise source mechanisms. The new serrations only introduce more
noise reduction but no noise increase at any other frequencies of interest. The use of LE serrations is found to
be able to reduce the self noise. A preliminary TE noise test also sees additional noise benefit by using the
ogee-shaped serrations.
Keywords: leading-edge noise, trailing-edge noise, serrations

1 INTRODUCTION
Leading-edge (LE) and trailing-edge (TE) noise, as two components of aerofoil noise [1, 6], are important
noise sources in many applications. LE noise is generated when incoming turbulence impinges on the LE of
aerofoils, leading to a strong interaction that causes the emission of LE noise. LE noise plays a crucial rule in
many applications where noise becomes an issue. This is especially true in applications that more than one row
of rotors and stators is installed, such as aero-engines, steam turbines and contra-rotating open rotors. In such
systems, the wakes from the front row blades impinge on the downstream blades, resulting in a strong fluid-
structure interaction as well as efficient noise radiation. In contrast, TE noise is generated when a turbulent
boundary layer convects past the trailing edge of aerofoils and gets scattered into sound [15, 2]. TE noise is
also important in many applications, especially when a highly turbulent boundary layer is common due to large
Reynolds numbers, for example TE noise is important noise source for wind turbines.
Serrations have been proposed as one of the promising approaches to reduce LE noise [7, 13, 30, 19, 28].
Previous research on LE serrations includes experimental studies such as those by K. Hansen and Doolan [19]
and Narayanan et al. [28], numerical investigations carried out by Lau et al. [21], Kim et al. [20] and Turner
and Kim [33], and analytical examinations such as those by Lyu and Azarpeyvand [23], Ayton and Chaitanya
[4], etc. Similarly, TE serrations have been widely used as an effective way of reducing the TE noise. Previous
research includes a large bulk of experimental literature such as Dassen et al. [12], Chong et al. [11], Moreau
and Doolan [27], Oerlemans et al. [29], Gruber et al. [14], Chong and Vathylakis [10] and Leon et al. [22],
numerical simulations such as those by Jones and Sandberg [18], Sanjose et al. [31] and Velden et al. [34], and

∗bl362@cam.ac.uk
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(a) The flat plate is placed near the exit of the wind tunnel and
a microphone arc is suspended above the aerofoil to measure the
far-field noise.

(b) The new ogee serration is inserted to the leading edge of flat
plates. The sharpness at the tip and root can be varied by changing
the parameter b in equation 1.

analytical studies such as Howe [16, 17], Azarpeyvand et al. [5], Sinayoko et al. [32], Lyu et al. [25, 24] and
Ayton [3].
Although experiments and numerical simulations show that using serrations can reduce both LE and TE noise,
it remains unclear how the serration geometry changes the noise reduction performance. Previous research has
studied serrations of different geometry [19, 28, 8, 9]. These studies have shown that it is possible to achieve
greater noise reduction via changing the serration geometries, but it is not clear what the optimal serrations
geometry is. In a recent study of the authors [26], an asymptotic analysis was performed to show that in order
to achieve greater noise reduction in the intermediate- and high-frequency range, the serration profile should not
have stationary points and shaper slopes are favourable at the points where the profile function of the serrations
is not smooth. An ogee-shaped geometry was proposed and shown both analytically and experimentally to be
capable of reducing more LE noise. In this paper, we perform more extensive experimental tests, including a
preliminary test on TE noise, to study the acoustic superiority of the new serration geometry in reducing LE
and TE noise.
This paper is structured as follows. Section 2 briefly describes the experimental setup, while Section 3 presents
noise spectra obtained for serrations of various sizes and geometries. The final section concludes this paper and
lists some future work.

2 EXPERIMENTAL SETUP
The LE noise experiment is carried out in the aeroacoustic wind tunnel at the Institute of Sound and Vibration in
Southampton. The facility has an anechoic chamber that measures 8 m×8 m×8 m and has a cut-off frequency
around 80 Hz. A photograph of the rig is shown in figure 1a. In the experiment, the jet velocity U is varied
between 20, 40, 60 and 80 m/s. The exit of the wind tunnel has a dimension of 150 mm× 450 mm, and
a number of flat plates (a mean chord length 150 mm and span 450 mm) with different serration sizes and
shapes are placed at 150 mm downstream of the wind tunnel exit. To prevent tonal noise generation due to
the Tollmien-Schlichting waves convecting in the laminar boundary layer, the flow near the leading edge of the
flat plate is tripped on both the pressure and suction sides to force transition to turbulence using a rough band
of tape. Details about how the flat plates are connected with serrations can be found in Lyu et al. [26] and
Narayanan et al. [28].
A baseline flat plate is included in the noise tests as reference. The ogee-shaped serrations used in this study,
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as shown in figure 1b, are described by the shape function F(η) as follows [26] (note the tan(η) function only
represents one possible form for the ogee shape),

F(η) =



1
tanb/4

tan(bη), 0 ≤ η < 1/4,

1
tanb/4

tan(b(−η +
1
2
), 1/4 ≤ η < 3/4,

1
tanb/4

tan(b(η − 3
4
)), 3/4 ≤ η ≤ 1,

(1)

where b is the parameter describing how sharp the serration is at the serration roots and tips. In the experiment,
b takes the values of 0, π , 1.25π and 1.5π . When b = 0 the serration shape becomes the conventional sawtooth
profile, and the slope at the root and tip becomes increasingly larger as b increases. The serration wavelength
is denoted by λ , while h denotes the half root-to-tip amplitude. In the experiment, the value of λ varies from
5 mm to 15 mm, while h takes the value of 25 mm.
A microphone arc, as shown in figure 1a, is placed above the flat plate to measure the far-field noise at different
angles in the mid-span plane. The arc consists of 11 1.27 cm condenser microphones (B&K type 4189) located
at a radial distance of 1.2 m from the leading edge of the flat plate, spanning an observer angle from 40◦ to
140◦ measured relative to the downstream jet axis. Noise measurements are carried out for 10 s at a sample
frequency of 50 kHz. The noise spectra are calculated with a window size of 1024 data points corresponding
to a frequency resolution of 48.83 Hz and a BT product of approximately 500 , which is sufficient to ensure
negligible variance in the spectral estimate at this frequency resolution. The noise spectra are presented in terms
of the Sound Power Level (PWL) and Sound Pressure Level (SPL) using the procedure described by Narayanan
et al. [28].
In the LE noise experiment, upstream turbulence is generated using a bi-planar rectangular grid of 630mm×
690mm. The grid is placed in the contraction section of the wind tunnel at 75cm upstream the nozzle exit.
The energy spectrum of the grid turbulence is known to be well modelled by a number of empirical formulae,
such as the one based on the Von Kármàn spectrum [23, 26]. In this experiment, the turbulence intensity is
around 2.5% and the streamwise integral length-scale is approximately 6 mm.
The TE noise experiment has a similar experimental setup as that for the LE noise measurements. Since this
paper presents mainly the LE noise spectra, we omit a detail description, which will be introduced in detail in
a following study.

3 RESULTS
In this section, we show the LE noise PWL spectra for various serrations. When these spectra are shown, the
frequency is normalized as k1h, where k1 = ω/U denoting the hydrodynamic convective wavenumber. For the
results shown in this section, the self noise is measured using the baseline flat plate by removing the upstream
turbulence grid, while the baseline spectra are measured by putting the grid back to the tunnel.
We first show the spectra for serrations of λ = 10mm and h = 25mm. These spectra can be found in figure 2.
Figure 2a shows the spectra when U = 20m/s. It is clear that because of this low speed the total sound level
is quite low. It can be seen that the self noise is low for the frequencies k1h < 10 compared to the spectrum
for the baseline LE noise. For frequencies satisfying k1h > 10 the self noise plays an important role in the total
noise observed in the experiment and is only approximately 5 dB lower than the baseline spectrum. When the
convectional sawtooth serration, i.e. F(η) when b = 0, is used, a significant noise reduction is achieved for
frequencies k1h > 1. Because of this reduction, the noise at frequencies k1h > 10 is virtually completely due
to the contribution of self noise. As we increase the value of b, we can see increasingly more noise reduction
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Figure 2. The noise PWL spectra for the serrations with λ = 10mm and h = 25mm but various values of b at
various flow speeds.

for frequencies 3 < k1h < 10. No more additional noise reduction is observed for frequencies k1h > 10, but this
is due to the dominance of the self noise. Had the self noise been lower, we would have seen an extended
frequency range over which additional noise reduction is achieved [26]. Although the advantageous frequency
range is limited by the dominance of self noise at high frequencies, it is remarkable to see that there is virtually
no sound increase at other frequencies. We have achieved an additional noise reduction simply by changing the
serration shapes.
As we increase the velocity U , LE noise is louder, as can be seen from the PWL spectra shown in figures 2b
to 2d. It seems that larger noise reduction benefit is achieved at U = 40m/s and 60m/s, while this advantage
starts to drop slightly as U approaches to 80m/s. In each case, however, it is outstanding to see that no noise
increase is observed at all frequencies by using the new serrations. Note it may seem surprising that the self
noise is even larger than the total noise in figures 2c and 2d at high frequencies. This is because the self noise
spectra are measured for the baseline flat plate. Using LE serrations in fact also reduces the self noise of flat
plates, which explains the seemingly bizarre observation.
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Figure 3. The noise PWL spectra for the serrations with λ = 5mm and h = 25mm but various values of b at
various flow speeds.

Figure 3 shows the PWL spectra for narrower serrations, i.e. λ = 5mm and h = 25mm. Examining figures 3a to
3d, we see that an even larger noise reduction benefit of up to 8dB is achieved when a narrow serration is used,
which is consistent to earlier analytical predictions [26]. The spectra in figures 3a to 3d are characteristically
similar to figures 2a to 2d, but we note again that there is no noise increase at any frequencies due to the use
of new serrations, and the limited advantageous band is due to the dominance of self noise. Since TE noise is
typically prevalent at higher frequencies compared to LE noise, it expected that the additional benefit can carry
over into higher frequencies when the new serrations are used to reduce TE noise.

4 CONCLUSIONS
An experimental study is performed in this paper to investigate the noise reduction performance of ogee-shaped
serrations under various flow conditions. The ogee shape is described using a tan(η) function with a parameter
b specifying the sharpness at its roots and tips. Moreover, the serrations wavelength is also varied. The flow
velocity U is varied between U = 20m/s, 40m/s, 60m/s and 80m/s.
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It is found that the new serration shape provides an additional LE noise reduction compared to conventional
sawtooth serrations by up to approximately 8 dB. This additional noise reduction is slightly more pronounced
when U = 40m/s and 60m/s. The additional LE noise reduction benefit starts to appear when k1h > 3 and
becomes larger as the frequency increases until being hidden by other noise source mechanisms. The new
serrations introduce only more noise reduction but no noise increase at any other frequencies of interest. The
use of LE serrations can also reduce the self noise. A preliminary TE noise test also sees additional noise
benefit by using the ogee-shaped serrations. A more extensive test campaign using the new serrations is ongoing
and the results from these tests will be reported in our future work.
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ABSTRACT 
This paper presents a comprehensive experimental study on the application of trailing-edge serrations as a 
passive control method for reducing the unsteady aerodynamics loading and noise on airfoils in tandem 
configurations. The purpose of this study is to investigate the effectiveness of serrated trailing-edge on 
cambered NACA 65-710 airfoil to control and reduce the turbulent flow within the gap area between the two 
airfoils. The wake flow characteristics for an isolated cambered NACA 65-710 airfoil with and without the 
trailing-edge serration treatment have been carried out using two-dimensional Particle Image Velocimetry 
(PIV) method. The acoustic signature of the tandem airfoil is also presented for the near- and far-field noise 
measurements. Flow experiments were performed using sawtooth serration with different wavelength, for 
several tandem airfoil configurations (different airfoil gap distances). The results show that the use of 
serrations can generally lead to a significant reduction in the turbulent kinetic energy within the gap region, 
due to the interaction between the flows issued from the tip and root of the serration. The near- and far-field 
noise results have shown that a significant noise reduction can be achieved, especially with a sharp sawtooth 
serration. 
 
Keywords: Passive Flow Control, Serration, Tandem Airfoil 

1. INTRODUCTION 
As the main component of turbines and compressors, the rotating blades are known to produce  

noise due to turbulent flow interactions of the rear-blade (i.e. stator) with the front-blade (i.e. rotor), 
which can be broadly categorized into trailing-edge, early separation and stall noise respectively [1]. 
However, studies of the aerodynamic noise produced by the rotating blades have prevailed as a 
challenging task over the past decades from both a theoretical perspective and a practical point of 
view. The principles of counter-rotating propeller noise were first investigated and analyzed in 1948 
by Hubbard [2], which identified the dominant interference mechanisms and their associated noise 
production. Hanson [3] later reproduced and expanded some of Hubbard's findings. Using turbofan 
theory, he put forward that the interaction between the tip of the rear-blades and the wake flow resulted 
from the front propeller constitutes the major source of noise for the contra -rotating open rotor 
(CROR) propulsion systems. As such, it was inferred that minimizing wake turbulence intensity of 
the front blade could significantly reduce the overall noise signature of CROR systems. A 
computational study on the rudimentary effects of the unsteady interference between the airfoils in 
tandem configuration has been performed by Tuncer and Pletzer [4], and it was shown that the relative 
motion between the airfoils gave rise to the aerodynamic characteristics of the rear airfoil. In another 
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word, altering the relative position of the tandem airfoils changes the amount of wake turbulence 
(originating from the front blade) to which the rear airfoil interacts with and hence the aerodynamic 
noise generation. 

In the past decade, reduction of trailing-edge noise through passive methods has been the focus of 
many studies, such as the use of serrated trailing-edge and surface treatment by porous materials and 
acoustic liners [5-20]. Serrated trailing-edges, in particular, have received significant interest due to 
its simple yet efficient noise reduction performance. The implementation of sawtooth and slotted -
sawtooth serrated trailing-edge have shown to be effective in reducing the wake turbulence intensity 
and the corresponding noise generation, especially at high angles of attack where maximum 
aerodynamic performance is obtained [8, 13, 23]. The ability of serrated trailing-edge to reduce  the 
turbulent energy content within the wake region can be associated with the highly three-dimensional 
flow originating from the tip- and root of the serration, making it an attractive solution to mitigate 
such wake-airfoil interaction noise for contra-rotating propellers and many other rotor-stator 
configurations 

Compared to the aeroacoustic studies of a single airfoil, fewer measurements have been reported 
on two airfoils aligned in tandem configurations, not to mention airfoils with serrated trailing -edges. 
Hence, to better understand the effect of trailing-edge serration and the associated mechanisms of 
noise reduction, an extensive experimental study has been carried out on the aerodynamic and 
aeroacoustic performance of airfoils in tandem. In what follows, a detailed measurement on the wake 
development and near-/far-field noise generation have been undertaken and presented in this paper.  

2. EXPERIMENTAL SETUP 

2.1 Airfoil and Serration configurations  
Figure 1 shows the schematic of the tandem airfoil configuration. The front and rear airfoils both 

had a chord length of  and a span of  . While the front airfoil was 
manufactured from aluminum – 7075, the rear airfoil was made from RAKU-TOOL WB-1222 
polyurethane board. To install the flat  (baseline) and serration inserts at the trailing -edge , the front 
airfoil was designed with a blunt trailing-edge and a  slot along the airfoil 
span, see Figure 1 (b). In order to have a comprehensive knowledge on the flow interactions, the rear 
airfoil was equipped with a total of 34 surface pressure taps on both the pressure and suction side of 
the airfoil, starting from the leading-edge (see Figure 1 (a)). The two airfoils were placed parallel to 
each other and rectangular endplates were used to maintain a nearly two-dimensional flow over the 
two airfoils. In the present work, two sawtooth serrations (Figure 2) were chosen based on its ability 
to reduce turbulent kinetic energy and noise as documented in [12, 14, 20]. The serration geometrical 
parameters are summarized in Table 1. 

 
Figure 1 – The tandem airfoil configuration (a) Assembly view of front airfoil (NACA 65-710 

with trailing-edge serration) and rear airfoil (NACA 65-710 with pressure taps distribution), (b) 
NACA 65-710 with and without trailing-edge serration, (c) Side view of the tandem airfoil 

arrangement 
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 Table 1 – Serration geometrical parameters  

 2h 
(mm) 

 
(degree) 

λ 
(mm) 

 
 
 

Baseline 15 - -  
Wide sawtooth 30 22.5 24.8  
Sharp sawtooth 30 8.53 9  

Figure 2 – Sawtooth serrations 
      

The distance between the front and rear airfoil have been chosen as  and  have been 
chosen for this study (see Figure 1(c)). The streamwise and vertical distance between the airfoil centre-
points (   and  ) were defined based on the locations where the maximum turbulent kinetic energy 
observed from the PIV results obtained for the baseline case of an isolated NACA 65-710 airfoil.   

2.2 Experimental setup 
In the present study, both the characterization of wake and near-field surface pressure 

measurements were carried out in the low turbulence tunnel at University of Bristol. Two-component 
Particle-Image Velocimetry was used to determine the wake development and energy contents of an 
isolated airfoil with and without the trailing-edge serration. A -thick laser sheet was illuminated 
by Dantec DualPower  Nd:YAG laser with wavelength of  and a repetition rate of 

. The time delay between the two consecutive laser pulses was set to , to ensure adequate 
particle shifts within the final interrogation window. A mixture of Polyethylene glycol 80 was 
atomized to produce seeding with mean particle diameters of . For each case, a total of 1600 
images pairs, captured by a FlowSense EO 4M CCD camera ( ), were analyzed 
using DynamicStudio, with a field of view of . The iterative process yielded final 
correlation windows of  ( ) with an overlap of  producing 
a vector spacing of approximately . 

Near-field surface pressure fluctuations were measured using 34 remote Panasonic WM-61A 
microphones connected to the brass tubes using plastic tubing with an inner and outer diameter of 

  and   respectively. The calibration of the remote sensing probe was based on the 
procedure described in Elsahhar et al. [21]. The unsteady pressure data were acquired by a National 
Instruments PX1e-4499 for a period of 16 seconds with a sampling rate of . 

Far-field noise test was carried out in the University of Bristol’s aeroacoustic facility, which is a 
closed-circuit, open-jet anechoic wind tunnel. The experiments in this study were performed at flow 
velocities   with turbulence intensity levels below   [22]. Signals from an array of  
microphones mounted on an arc above the test rig were acquired by PXIe-4499 data acquisition card. 
The arc was designed to extend from angles  to  in steps of , and similar to near-field 
measurement, the sampling frequency and duration remained as  and  seconds, to ensure 
data convergence. The power spectral density results for near- and far-field measurements were later 
calculated via Welch’s method with a window size of  samples, a Hamming window with  
overlap and normalized with reference pressure of . 

3. RESULTS AND DISCUSSIONS  

3.1 NACA 65-710 Airfoil Wake Measurements 
To have a better understanding on the effects of the trailing-edge serrations on the wake 

development of the airfoil, PIV measurements of an isolated NACA 65-710 airfoil with the baseline 
and two sawtooth serrations (  and ) have been carried out at angles of attack, 

and for the flow velocity of . The fields of view used in our experiments 
covered the downstream locations  to 1, relative to the trailing-edge of the baseline case. It 
is crucial to highlight that the turbulence kinetic energy (TKE) maps of the isolated airfoil were then 
used to define the location of the rear airfoil (in red circle in Figure 3) for the noise generation studies. 

Similar to the experiments reported by Xiao et al. [13], at , implementation of trailing-edge 
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serration significantly modifies the turbulent kinetic energy (TKE) results, for both the wide sawtooth 
serration ( ) in Figure 3(a) and sharp sawtooth serration ( ) in Figure 3(b), under 
the present investigation. By applying a wide sawtooth serration, the wake TKE result for serration 
root shows a strong upward deflection and a thinner wake profile as compared with the baseline case. 
This is possibly due to the flow moving over the pressure side of the airfoil through the valley of the 
serration. Notably different from the root flow, the trend for tip flow is similar to that of the baseline 
case with small, and yet noticeable downward deflection. More importantly, when the sharp serration 
is applied, a significant TKE reduction (up to approximate 55%) can be observed in the wake TKE 
profile (see Figure 3(b)) with the profiles converge rapidly between the tip and the root after .   

 
(a) wide sawtooth serration 

 
(b) sharp sawtooth serration 

Figure 3 – Wake TKE profiles for isolated NACA65710 airfoil with different serrations  at 
 and . (a) wide sawtooth serration ( ) (a) sharp sawtooth serration 

( ) 

3.2 Near- and Far-field acoustic measurements   
In order to further investigate the effectiveness of serration treatments for reducing the unsteady 

aerodynamic loading on the airfoil and radiated noise, surface pressure fluctuation measurements have 
been performed on the rear airfoil using the remote sensing method. In the tandem airfoil 
configurations, the front airfoil was fitted with baseline and different sawtooth serrations while the 
rear airfoils were placed at two different downstream locations, having gap distance of  and 

, respectively.  
The power spectral density (PSD) of the surface pressure fluctuations acting on the  suction side of 

the airfoil is shown in Figure 4.With the gap distance of W=0.5c in Figure 4(a), wide sawtooth 
serration (top row) leads to a considerable increase of the pressure fluctuation energy over a wide 
range of frequency, within the leading-edge area of . It can also be observed that sharp 
sawtooth serration (bottom row) resulted in a slightly decreased surface pressure PSD at low 
frequencies ( ). Furthermore, the surface pressure PSD remains to be noticeably higher 
along the root position than those at tip position. Moving downstream to , the use of trailing-
edge serrations resulted in a clear reduction (around  at ) of unsteady loading on the 
rear airfoil at frequency range  . Unlike the wide sawtooth serration case, a small 
reduction of the surface pressure PSD can be observed, which begins immediately from the leading -
edge and persists beyond  . Interestingly, there is not much difference between the 
serration tip and root positions. Moreover, as observed from the results, trailing-edge serrations do 
not particularly benefit in the high frequency region of the pressure spectra. On contrary, an increase 
in the surface pressure PSD can be clearly seen at the leading-edge region for both serrated cases. 

The surface pressure PSD results for the tandem airfoil configuration with the separation gap of 
 are presented in Figure 4(b). The result of surface pressure PSD for wide sawtooth serration 
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shows similar trend to that of smaller separation gap distance, but larger surface pressure PSD 
reduction (up to ) at downstream chordwise locations. For sharp sawtooth serration, it can be 
observed that a reduction of the unsteady loading (up to ) on the rear airfoil over almost the 
whole suction side of the airfoil at frequency range of .  

The results observed here is of great interest as the noise radiated from the rear airfoil is directly 
related to the unsteady pressure exerted on the airfoil and trailing-edge serrations on the front airfoil 
can modify significantly the overall unsteady pressure field experienced by the rear airfoil in the 
tandem configurations, and therefore the production of airfoil noise.  

 
(a) W=0.5c 

 
(b) W=1.0c 

Figure 4 – Power spectral density of surface pressure fluctuation on the rear airfoil at  
and . (a) airfoil separation distance of W=0.5c (b) airfoil separation distance of 

W=1.0c 
 

In order to better illustrate the effect of serrations, Figure 5 shows the contour map of the near-
field coherence between the remote microphone 1 (first microphone on the suction side of the rear 
airfoil) and all other microphones at angle of attack  and  with the gap distance 
between the front and rear airfoil of . The positive  represents the coherence results along 
the suction side of the rear airfoil while negative  the pressure side of the rear airfoil. 

The coherence map for the baseline case in Figure 5(a) shows a high coherence region in the whole  
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(a)  
 

 

(b) 
 

 

(c) 

 

(d) 

 

(e) 

 
 Figure 5 – Contour map of near-field coherence of first microphone on suction side with all 

other microphones ( ): 
 (a) baseline (b) wide sawtooth – tip (c) wide sawtooth – root  

(d) sharp sawtooth – tip (e) sharp sawtooth – root  
 
frequency range near leading-edge area ( ). At low frequency range ( ), a 
high coherence area can also be found to exist between . While at higher frequency 
range, , high coherence value between first and the rest of the remote sensors 
along the suction side of the airfoil can be observed to extend beyond half of the chord length (

). At a similar frequency range, an elevated region of coherence can also be observed along the 
pressure side until approximately .  

Figure 5(b) and 5(c) show the contour map of the near-field coherence for wide sawtooth serration 
case. At low frequency for both root (Figure 5(b)) and tip (Figure 5(c)) positions, high coherence 
value region can be found, similar to that of the baseline case. However, in the high frequency region, 
higher coherence, which is present along with the root position (and baseline), becomes noticeably 
attenuated. On the other hand, the results for the sharp sawtooth case, show no obvious difference 
between the root (Figure 5(d)) and tip position (5(e)) but clear reduction when compared with the 
baseline case at high frequency range (  ). Furthermore, it appears that the 
coherence spreads further downstream for the sharp sawtooth serration at  low frequency range of 

. Results from coherence clearly suggest that the reduction in the unsteady airfoil loading leads 
directly to a loss of coherence, and hence possibly better mixing for the near-field flow structures. 
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(a) W= 0.5c (b) W= 1.0c 

Figure 6 – Power spectral density of the far-field noise measurements. (a) airfoil separation 
distance of W=0.5c (b) airfoil separation distance of W=1.0c 

 

  
(a) W= 0.5c (b) W=1.0c 

Figure 7 – Overall sound-pressure-level directivity patterns. (a) airfoil separation distance of 
W=0.5c (b) airfoil separation distance of W=1.0c 

 
Figure 6 shows the far field noise measured at  over the tandem airfoil configuration with 

two gap distances of   (in Figure 6(a)) and   (in Figure 6(b)). For clarity and 
reference, the background noise is shown in grey in the figures. In Figure 6(a), when compared with 
the baseline case, the far-field PSD demonstrates that trailing-edge serration can lead to a small 
decrease in the airfoil noise with frequency lower than  for both serration cases, although the 
sharp sawtooth produces an additional   reduction than the wide sawtooth. At a higher 
frequency range (  the far-field PSD for the serrated case resulted in a similar 
magnitude and trend, as the baseline case. When increase the distance between two airfoils to 

 (see Figure 6(b)), the result for wide sawtooth serration exhibits a small noise reduction, similar 
to that observed at   gap distance. However, for sharp sawtooth serration, a much more 
significant noise reduction (up to 11 dB) can be identified, which the broadband hump has been 
considerably reduced with a frequency range of . 

Figure 7 presents the overall sound-pressure-level (OASPL) directivity pattern for the baseline 
case and trailing-edge serrated cases for two different gap distances (   and  ) at 

. Figure 7(a) shows that both serration geometries slightly reduce the noise levels to that of 
the baseline case at all angular locations, with the sharp sawtooth serration outperforming the wide 
sawtooth. In Figure 7(b), as compared with the baseline case, the OASPL results for the wide sawtooth 
serrated cases remain similar in trend to that of the results in 7(a) across all angular directive range 
while the sharp sawtooth serrated case produces an approximately 5 dB reduction. 

4. CONCLUSIONS 
The present study demonstrates that the use of trailing-edge serration can significantly change the 

wake flow profiles through enhancing the flow mixing between the pressure and suction side of the 
airfoil, which leads to a faster TKE decay. Based on the TKE decay, applying a trailing-edge serration 

5373



 

 

on the front airfoil in tandem airfoil configurations will reduce the incoming TKE level for the 
leading-edge of the rear airfoil. This prone to produce a significant noise decrease (up to 9 dB) at the 
frequency lower than 1.5 kHz. The near-field surface pressure measurement and coherence map for 
serrated cases also show a clear reduction of unsteady aerodynamic loading, and hence airfoil noise, 
when compared with the unserrated baseline case. A comparison between two serrations shows that 
sharp sawtooth configuration produces a more desirable reduction in the near-field loads, which 
translates into a greater far-field noise reduction. 
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ABSTRACT 
It is well known that the flow performance, efficiency, and aerodynamic noise of axial-flow fans heavily 
depend on the gap distance between the fan blade tip and the fan shroud. As the blade tip clearance becomes 
less, the flow performance increases, and the aerodynamic noise decrease. These results can be attributed to 
the decrease of tip vortex strength. However, the gap clearance cannot lessen below a certain critical value 
because of the manufacturing, installation, and operational constraints. Besides, the fan shroud generally 
covers the fan blade tip partially because of its installation environment. Recently, as an alternative, the tip-
rake shape is introduced to solve these issues, which is generally known to weaken the tip vortex strength as 
the wing tip fence does in the airplane. However, the effectiveness of tip-rake is not apparent because of the 
additional interaction of tip rake with the fan shroud. In this paper, the effects of blade tip shape on tip vortex 
structure and aerodynamic noise of a cooling fan, which are used as a cooling fan in an outdoor unit of air-
conditioners, are numerically and experimentally investigated. Two types of axial fans are considered: one is 
with blade tip-rake, and the other is without blade tip-rake. First, the flow field around the fans was predicted 
by solving the three-dimensional unsteady incompressible RANS equations using computational fluid 
dynamics techniques. Then, the validity of the numerical results is confirmed by comparing the predicted 
flow rates with the measured ones. The characteristics of flow field driven by the fans with and without blade 
tip rake are analyzed in detail, especially with an emphasis on the coherent vortex structure. Finally, the flow 
performance, efficiency and aerodynamic noise of axial fans are characterized according to the vortex 
structure whose characteristics are also closely related to blade tip shape as well as the fan shroud. 
Keywords: axial-flow fans, tip-rake, tip vortex, shroud-tip vortex, aerodynamic noise, air-conditioner 
 

1. INTRODUCTION 
Air conditioners are used to control air quality in a confined space by removing heat and moisture 

from it. The market demands for air conditioners have continuously increased. The split type air 
conditioner generally consists of two units: outdoor and indoor units. The performance of the air 
conditioner is dominantly affected by that of the outdoor unit, which is closely related to the 
performance of cooling fans as well as of compressors. As the performance of the air conditioner 
increases, the higher cooling capacity by a fan is required, which in turn requires higher air flow and 
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higher rotational fan speed. However, the increase of a fan speed may emphasize the relative 
importance of aerodynamic noise. The high performance and low noise fans are, therefore, essential 
for the air-conditioners.  

The axial-flow fan is generally used as a cooling fan for the outdoor unit of an air-conditioner. 
Compared with the centrifugal fan, the flow structure driven by the axial -flow fan is more complex, 
which implies that the various design parameters are related to high performance and low noise axial -
flow fans: airfoil geometry (chamber line, thickness), pitch angle, solidity, tip geometry and so on.  

Fukano et al. (1) showed that the ratio of the wake width to the pitch of the blade row was the 
dominant factor of the turbulent noise. Fukano et al. (2) also showed that the less tip clearance 
improved the fan performance and reduced the noise level, effectively. Ren et al. (3) investigated the 
effects of shroud structure designs on a volume flow rate of axial -flow fan system in a machine room 
by varying its length and showed that there was the optimum length of housing for maximum volume 
flow rate. Heo et al. (4) improved aerodynamic and aeroacoustic performances of an axial-flow fan 
unit in the mechanical room of a household refrigerator by modifying its shroud structure without 
changing the fan blade shape. Zhao et al. (5) investigated the shapes of the tip and trailing edge of 
axial fan blades to reduce fan noise in an outdoor unit. Jiang et al. (6) investigated the aeroacoustics 
of an axial fan in an outdoor unit. Fukano’s model, combined with typical computational fluid 
dynamics (CFD) simulation, is used to predict the broadband noise. After the predicted results were 
compared with the measured data, the distance to blade trailing edge is proposed as an important 
parameter to improve the accuracy of noise predictions in the Fukano’s model. Wright et al. (7) 
presented the aerodynamic and acoustic properties of axial-flow fans with swept blades based on the 
theory of Kerschen and Envia for swept cascades. The experimental results confirmed that the swept-
bladed fans show noise savings compared to the zero-sweep baseline model. Jin et al. (8) investigated 
the effect of sweep on the aerodynamic stall limit and aerodynamic noise source. The swept blade was 
found to be effective in controlling unsteady flow to improve aerodynamic stall limit and reduce noise 
source in rotors at off-design points. Ye et al. (9) investigated the effects of various tip structures on 
the flow field, losses distribution, and noise characteristics and improved fan performance by 
changing the blade tip structure. It was shown that the grooved blade tips improved the efficiency by 
reducing mixing losses between the leakage flow and mainstream, but increased the fan noise.  

These studies showed that the flow performance, efficiency and aerodynamic noise of axial-flow 
fans heavily depend on the gap clearance between the fan blade tip and the fan shroud; as the gap 
distance becomes less, the flow performance increases and the aerodynamic noise decrease. These 
results are generally attributed to the decrease of tip vortex strength. However, it is difficult to 
decrease the gap clearance without limit because of manufacturing, installation, and operational 
constraints. Besides, the fan shroud generally cannot cover the fan blade tip fully because of its 
installation environment. Recently, as an alternative, the tip-rake shape is introduced to solve these 
issues, which is generally known to weaken the tip vortex strength as the wing tip fence does in the 
airplane (10). Representatively, winglet developed by Richard T. Whitcomb (11) has been used in an 
aircraft to reduce drag and to save fuel and cost.  Also, in a marine propulsion system, the KAPPEL 
propeller using the tip rake was developed to increase efficiency (12). 

However, the effectiveness of tip-rake is not clear because of the inevitable interaction of tip rake 
with the fan shroud. In this paper, the effects of blade tip shape on tip vor tex structure, flow 
performance, efficiency and aerodynamic noise of a cooling fan, which are used as a cooling fan in 
an outdoor unit of air-conditioners, are numerically and experimentally investigated. Two types of 
axial fans are considered: one is with blade tip-rake, and the other is without blade tip-rake. First, the 
flow field around the fans was predicted by solving the three-dimensional unsteady incompressible 
RANS equations using computational fluid dynamics techniques. Then, the validity of the n umerical 
results is confirmed by comparing the predicted flow rates with the measured ones. The characteristics 
of flow field driven by the fans with and without blade tip rake are analyzed in detail, especially with 
an emphasis on the coherent vortex structure. Finally, the flow performance, efficiency and 
aerodynamic noise of axial fans are characterized according to the vortex structure whose 
characteristics are also closely related to blade tip shape as well as the fan shroud.  

 

2. TARGET AXIAL-FLOW FANS  
The two types of axial fans considered in this study are shown in Fig. 1: one is with blade tip-rake 

(Model A), and the other is without blade tip-rake (Model B). These fans are used as cooling fans for 
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an outdoor unit of split-type air-conditioners. The tip shapes between two fans are compared in detail 
at the three cross-sectional planes of constant azimuthal angles that are denoted by the circled numbers 

and  in Figs. 1 and 2.  
 

 
Figure 1 – Model A 

  
Figure 2 – Model B 

 
 

3. GOVERNING EQUATIONS AND NUMERICAL METHODS 
To predict the flow performance of the target blades, the following three-dimensional 

incompressible unsteady Reynolds-Averaged Navier-Stokes (RANS) equations are used as the 
governing equations: 

 

 (1) 

′ ′ (2) 

 
 
Eqs. (1) and (2) are numerically solved using the finite volume method based on the unstructured 

meshes. The k-  RNG turbulence model is used as a closer. Numerical computations are realized 
using the ANSYS FLUENT. For more detailed numerical schemes used in this study, the studies (3,4) 
can be referred to.  
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4. NUMERICAL RESULTS AND DISCUSSION 

4.1 Validation of numerical methods 
The virtual fan performance tester is designed, as shown in Figure 3, to investigate the detailed 

characteristics of the flow field driven by axial fans. The rectangular ducts are set on upstream and 
downstream of the axial-flow fan. To simulate the experimental conditions of actual fan performance 
tester and thus to predict the P-Q curve of the target fan unit, the pressure difference between inlet 
and outlet boundary are varied. 

The numerical results predicted using the virtual fan performance tester are compared with the 
measured one using the actual fan performance tester, which satisfies the regulations of AMCA 210-
07. To improve measurement accuracy, a large chamber of 600(W)  600(D)  1500(L) mm, five 
different-sized nozzles and two screens were installed. The more detailed information about the fan 
performance tester was provided in the preceding studies (3,4).  

Figure 4 shows a comparison between two results for Model A. It is seen that the range of relative 
error in the volume flow rate for the two fixed pressure differences at two rotational speeds spans 
between 0.6% and 6.6%. This result confirms the validity of the current numerical method. 

 
 

  
Figure 3 – Computational domain for virtual fan performance tester 

 
 

 
Figure 4 – Comparison of predicted volume flow rate at a given pressure difference with 

measured P-Q curves 
 
 

4.2 Detailed flow field analysis 
The predicted flow fields driven by the target fans are investigated in detail to assess the effects of 

blade tip rake on the flow structure. Figure 5 shows the snapshots of the velocity vectors near the 
blade tip on the horizontal cross-sectional plane passing the rotating center of the fan. It can be seen 
that the tip vortex around Model B is stronger than Model A. This result confirm that the blade tip-
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rake geometry reduces the tip vortex strength. Further analysis is carried out to identify the detailed 
vortex structure around the tip and to assess the vortex strength quantitatively.  

 

  
Figure 5 (a) – Model A 

 

  
Figure 5 (b) – Model B 

 
To identify the coherent vortex structure, Q-criterion is used as a vortex-identification criterion. 

Figure 6 shows the iso-contours of Q-criterion between the blade tip and the fan shroud for the two 
models. Two different large coherent vortex structures can be found in both models: one is well-known 
blade tip vortex, and the other is shroud-tip vortex which is formed along with the shroud in the tip 
clearance region. The blade tip vortex is generated from the leading edge, develops along with the 
chord of the blade tip, and interacts with the shroud-tip vortex in the gap region between the blade tip 
and the blade shroud. For a more quantitative comparison of vortex strength between two models, the 
pressure distribution around the vortex core is compared in Figure 7. It can be seen that the minimum 
pressure at the center of vortex core of Model B is lower than that of Model A . This implies that the 
stronger tip vortex forms in the flow driven by the fan of Model B. However, the pressure distributions 
in the gap region between the blade tip and the fan shroud are similar in two models, which means 
that the tip-shroud vortex is not affected by the tip rake. Figure 7 also compares the su rface pressure 
distribution of the fan blades where the stronger tip vortex shadow can be identified in Model B than 
in Model A. From the fact that the surface pressure fluctuations play a role of dipole sources for 
aerodynamic noise, it can be inferred that the aerodynamic noise of Model B is higher than that of 
Model A. The averaged thrust and torque of a fan blade are computed as overall flow performance 
index and are listed in Table 1. Model B shows higher thrust and torque than Model A. From the fact 
that the thrust is directly related to the volume flow rate and the torque is related to the energy 
consumption, it can be expected that the volume flow rate of Model B is higher than Model A, but the 
efficiency of Model B is lower than Model A.  
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(a) – Model A 

  

(b) – Model B 

Figure 6. Iso-contours of Q criterion (Green: Tip vortex /Blue: Tip-shroud vortex) 

 

  

Model A 
 

  
(b) – Model B 
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Figure 7. Comparison of pressure distributions between two models 

 

Table 1 – Comparison of thrust and torque between two models 
Model Thrust Torque 

A   

B 1.11  1.13  

 

5. EXPERIMENTAL ANALYSIS 
To confirm the numerical results, the proto-types of Model A and Model B were manufactured, and 

their performances are experimentally evaluated. The results are shown in Figure 8. The volume flow 
rate, the sound pressure level, and the power consumption of Model A are lower than Model B. These 
results closely follow the numerical results presented in Section 4.  
 

  
Figure 7 – Experimental results 

 

6. CONCLUSIONS 
In this study, the flow performance, efficiency, and noise of the axial fans used in the outdoor unit 

of the split-type air-conditioner were numerically and experimentally investigated with emphasis on 
the effects of blade tip-rake in association with the fan shroud. Two types of fans were considered: 
Model A is with tip-rake, and Model B is without tip-rake. The blade tip vortex and the shroud-tip 
vortex were found as the most massive coherent vortex structure in the flow driven by both fans. As 
expected, the strength of tip vortex was weakened by the use of blade tip rake, but the strength of 
shroud-tip vortex was similar in both models. The latter fact implies that the role of blade tip-rake is 
not effective in the blade tip clearance region between the blade tip and the fan shroud. Although the 
volume flow rate of Model B was higher than the Model A, the aerodynamic noise and the power 
consumption of Model A are lower than Model B. All of these results are confirmed by the measured 
data obtained from the prototypes.  

This study showed that the shape of the blade tip rake located in the blade tip clearance region 
needs to be optimized to more improve the performance of the axial fan, which will be investigated 
in the next study.  
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ABSTRACT

Stall and separation noise can be major contributors to the noise emission of rotating blades, such as
wind turbines, propellers and fans among others. Hence, this paper experimentally investigates the
effects a separated boundary layer has on near-field flow structures, on turbulent surface pressure fluc-
tuation statistics, and therefore on noise radiation. Static pressure distributions and boundary layer
profiles are presented to characterize the present flow fields pre- and post-stall. Large surface pres-
sure fluctuation spectra increases have been measured, and surface pressure fluctuation autocorrelation
width increases by one order of magnitude during stall have been established. Additionally, highly co-
herent spanwise structures have been shown to influence the hydrodynamic field and changes in the
convection velocity have been assessed for separated boundary layers.

Keywords: Aeroacoustics, Separation and Stall Noise, Surface Pressure Fluctuations, Convection Veloc-
ity, Flow Separation.

1 INTRODUCTION
Brooks et al. reported five different airfoil self-noise mechanisms (1). For the majority of today’s indus-
trial applications, the most relevant self-noise mechanisms are turbulent boundary layer trailing edge noise,
laminar boundary layer vortex shedding noise and separation/stall noise. Trailing-edge noise and laminar
vortex shedding noise have been the subject of many studies over the years (1–7), but stall/separation noise
investigations are comparably limited. This is despite stall noise being assumed to be a significant contrib-
utor to wind turbine noise emissions due to sudden changes in environmental conditions, such as gust or
topographical effects for instance (8, 9). Since computational stall noise investigations require a substantial
spanwise domain to achieve sufficient de-correlation of the present flow structures (10), the majority of stall
noise studies have been of experimental nature, for instance by Moreau et al. (11), Mayer et al. (12), Bertag-
nolio et al. (13) and Laratro et al. (14) among others. The experimental results clearly point toward a shift to
low frequency noise emissions and considerable low frequency surface pressure spectra increases.

This paper aims to further experimentally examine and characterize the hydrodynamic near-field during
stall. Section 2 will introduce the experimental setup as well as the utilized symmetric airfoil, before unsteady
surface pressure fluctuation and hot wire results are presented in Section 3. Lastly, Section 4 will provide
conclusions and an outlook on future work.

∗Ph.D. Researcher Aerospace Engineering, yannick.mayer@bristol.ac.uk.
†Research Associate Aerospace Engineering, nick.zang@bristol.ac.uk.
‡Corresponding Author, Reader in Aeroacoustics, m.azarpeyvand@bristol.ac.uk.
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2 EXPERIMENTAL SETUP

2.1 Overview

Experiments were conducted in the aeroacoustic wind tunnel facility of the University of Bristol (15). An
overview of the experimental setup and a rendering of the anechoic chamber are shown in Fig. 1. This study
used a nozzle with the exit dimensions of 500 mm width and 775 mm height at a free stream velocity of
U∞ = 20 m s−1, corresponding to a chord-based Reynolds number of Rec = 4.0 ·105 for the utilized NACA 0012
airfoil. A 1500 mm long test section with tensioned Kevlar cloth at the top and bottom is employed in order
to limit excessive flow deflection, while permitting acoustic sound waves to pass through with little attenu-
ation. Mayer et al. characterized this Kevlar-walled test section acoustically as well as aerodynamically and
showed that geometric angles of attack can be corrected to the equivalent free-stream angle of attack (16).
Each of the two vertical sides has three perspex windows allowing test objects and measurement equipment
to be installed or inserted. Neoprene strips and insulation tape have been used throughout to avoid any
extraneous noise sources such as air leaks, gaps or cavities. The angle of attack of the NACA 0012 airfoil
with a chord length of 300 mm is controlled by a high torque servo motor.

(a) (b)

Figure 1. (a) Anechoic chamber and (b) Isometric rendering of the experimental setup: (A) servo motor, (B)
coupling and bearing, (C) NACA 0012 airfoil and (D) tensioned Kevlar cloth.

2.2 NACA 0012 airfoil

The NACA 0012 airfoil has a chord length of c = 300 mm and it is tripped by a 6 mm wide and 0.5 mm
thick zig-zag turbulator trip tape from Glasfaser-Flugzeug-Service GmbH (17), located at approximately
13 % of the chord on both airfoil sides. The airfoil is equipped with 87 static pressure taps together with
91 embedded microphones placed under 0.4 mm diameter pinholes, of which 21 are operated in a remote
sensing configuration. Both the static pressure taps and unsteady pressure transducers are aligned along
the chord as well as along the span at several chordwise locations. Knowles FG-23629-P16 microphones are
used as the in-situ direct sensing microphone and Panasonic WM-61A microphones are used for the remote
sensing configurations. All microphones were calibrated in magnitude and phase referenced to a G.R.A.S.
40PL microphone.
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2.3 Data acquisition and postprocessing

All microphone and hot wire measurements were sampled simultaneously at a frequency of 215 Hz for 32 s
using five 16-channel NI PXIe-4499 modules mounted in a NI PXIe-1062Q chassis. All microphone signals
are zero-phase high-pass filtered at 20 Hz, to account for the low-frequency limit of both microphones. A
Dantec 55P15 boundary layer hot wire probe was traversed using two Thorlabs LTS300 stages and operated
via a CTA91C10 module. The probe was calibrated daily using a Dantec 54H10 calibrator. The power spec-
tral density of the surface pressure fluctuations, φpp, is estimated via Welch’s method using a window size of
211 samples and a Hamming window with 50 % overlap, resulting in a frequency bin size of 16 Hz. All sur-
face pressure spectra are normalized with a reference pressure of p0 = 20 µPa. Lastly, 64 static pressure taps
were simultaneously connected to two MicroDaq-32 pressure acquisition systems, manufactured by Chell,
and data are recorded at 1000 Hz for a duration of 32 s.

3 RESULTS AND DISCUSSION
This section will present test results including static surface pressure results, unsteady surface pressure re-
sults and hot wire anemometry results. The geometric angle of attack, α , was altered from −5◦ to 23◦ in
increments of α = 0.5◦. However, this conference paper will mainly focus on one pre-stall angle of attack,
α = 12◦, and one post-stall angle of attack, α = 15◦.

3.1 Pressure distribution

Figure 2 displays the mean static pressure coefficient for five angles of attack up to α = 15◦. As the angle of
attack is increased, the suction side pressure peak increases and shifts toward the leading edge, as expected,
and for α = 10◦ and α = 12◦ a laminar separation bubble is evidently present near the leading edge due to a
strong adverse pressure gradient. At α = 15◦, the boundary layer has separated near the leading edge and
the pressure distribution is effectively constant for the suction side, confirming a sudden leading-edge type
stall behavior. Additionally, the effect of the trip strip is clearly visible except for α = 15◦.

(a) (b)

Figure 2. Static pressure coefficient, Cp, distribution at Rec = 4.0 ·105 : (a) 0◦ to 10◦ and (b) 10◦ to 15◦.
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3.2 Boundary layer measurements

This section presents single-wire hot wire measurements for varying airfoil wall normal distances (zw),
namely mean velocity and velocity fluctuation profiles normalized with the boundary layer edge veloc-
ity, Ue, in Fig. 3 up to α = 15◦. It is illustrated that the boundary layer thickness increases for increasing
angle of attack. Once, the boundary layer has separated at α = 15◦, the velocity profile suggests that up to
zw/c = 0.22, a reverse flow is present, because of the plateau in the velocity distribution up to zw/c = 0.22
(18). Additionally, the peak of the surface pressure fluctuations has moved away from the airfoil surface,
increased in magnitude and now occurs at zw/c = 0.32, while the extent of the separated boundary layer
approaches half the airfoil chord length.

(a) (b)

Figure 3. Boundary layer measurement at x/c = 0.98: (a) α = 0◦ to 10◦ and (b) α = 10◦ to 15◦.

3.3 Surface pressure fluctuation PSD

The remaining sections examine the unsteady surface pressure fluctuations as measured by the embedded
microphones. This particular section focuses on power spectral density (PSD) of the unsteady surface pres-
sure fluctuations to examine the energy distribution in the frequency domain.

Figure 4 presents the surface pressure spectra near the leading edge at x/c = 0.3 and near the trailing
edge at x/c = 0.99. For both pressure transducer locations the peak frequency shift to lower frequencies for
increasing angles of attack is clear, as the peak spectrum value also increases from 65 dB to 95 dB and from
70 dB to 101 dB for x/c = 0.3 and x/c = 0.99, respectively. The frequency shifts and spectra increases occur as
a result of a growing boundary layer and subsequent flow separation due to the adverse pressure gradient
on the suction side of the airfoil. A thicker boundary layer results in larger length scales in the flow, which in
turn leads to lower peak frequencies. It is noticeable that the most significant change occurs between α = 12◦

and α = 15◦, highlighting the profound effect stall has on the surface pressure spectra. This rapid and abrupt
change can also be observed in Fig. 5, showing contour plots of the surface pressure fluctuation spectra up
to α = 15◦ for transducers covering the space between x/c = 0.3 and x/c = 0.99.

3.4 Surface pressure autocorrelation

The autocorrelation coefficient width, Rpp(τ) (where τ is the time delay), is indicative of the size of the dom-
inant flow structures causing the surface pressure fluctuations. Figure 6 displays a contour map of the vari-
ation of the autocorrelation coefficient along the suction side of the airfoil for α = 12◦ and α = 15◦, with the
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(a) (b)

Figure 4. Wall pressure fluctuation PSD for various angles of attack: (a) x/c = 0.3 and (b) x/c = 0.99.

(a) (b)

Figure 5. Wall pressure fluctuation PSD contour plot: (a) x/c = 0.3 and (b) x/c = 0.99.

(a) (b)

Figure 6. Wall pressure fluctuation autocorrelation, Rpp, contour maps: (a) α = 12◦ and (b) α = 15◦. First zero
crossing is displayed as a white line.
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white line displaying the first zero-crossing of the autocorrelation coefficient. At α = 12◦, the autocorrelation
width increases strongly toward the trailing edge due to the strong adverse pressure gradient resulting in
a thicker boundary layer, see Figs. 2 and 3. This trend is in stark contrast to the contour map at α = 15◦,
because the autocorrelation width is approximately one order of magnitude larger in comparison, but shows
less variation along the chord. This therefore suggests that the dominant flow structures have undoubtedly
increased in size, and occur over a large extent of the airfoil without significantly evolving or changing in
size.

3.5 Surface pressure spanwise coherence

Figure 7 displays the spanwise coherence spectra, γ2, for seven pressure transducers located at x/c = 0.70. On
the one hand, it can be observed that at α = 12◦ the coherence spectra reach considerable values for the sensor
separation distances of up to ξ2/c = 0.047 and the spectra reach local maxima at approximately 200 Hz. On
the other hand, at α = 15◦, substantial coherence values are observed even for the largest sensor separation
distance of ξ2/c = 0.243, and for separation distances of up to ξ2/c = 0.047, the coherence for frequencies
below 100 Hz almost reaches unity. This coherence increase can be interpreted as the occurrence of spanwise
highly coherent flow structures which are supported by the large vertical extent of the separation region.

(a) (b)

Figure 7. Wall pressure fluctuation coherence, γ2, for multiple spanwise distances, ξ2, at x/c= 0.70: (a) α = 12◦

and (b) α = 15◦.

3.6 Surface pressure cross-correlation

This section concerns the cross-correlation coefficient between the surface pressure fluctuations at varying
chordwise distances, ξ1, allowing the determination of the convection velocity, Uc, of the most prominent
flow structures, as

Uc

U∞

=
ξ1/c

τmaxU∞/c
, (1)

where τmax is the time delay with the maximum cross-correlation coefficient. Figure 8 displays the chordwise
cross-correlation coefficient referenced to the pressure transducer located at x/c = 0.93, while Table 1 lists the
corresponding convection velocities, calculated via Eq. 1. It is apparent that for α = 0◦ and 10◦, the con-
vection velocity increases for greater sensor separation distances, because the larger flow structures which
travel further away from the airfoil surface have longer live spans and are convected at larger surface normal
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Table 1. Serration parameters.

Sensor separation Uc/U∞ for Uc/U∞ for Uc/U∞ for
distance, ξ1/c [−] α = 0◦ [−] α = 12◦ [−] α = 15◦ [−]

0.033 0.63 0.53 - 0.78
0.050 0.64 0.56 2.73
0.067 0.70 0.56 0.94
0.083 0.72 0.59 0.72
0.100 0.72 0.60 0.62

distances. The highest convection velocity at α = 0◦ is Uc/U∞ = 0.72 and Uc/U∞ = 0.60 for α = 12◦, suggesting
a decrease with increasing angles of attack as long as the boundary layer stays attached. However, in stalled
conditions, i.e. α = 15◦, the convection velocity is calculated to be negative for the smallest sensor spacing of
ξ1/c = 0.033 and finally reaches Uc/U∞ = 0.62 for the greatest separation distance investigated here.

(a) (b)

Figure 8. Wall pressure fluctuation cross-correlation, Rpp, for various sensor separation distances, with the
reference sensor located at x/c = 0.93: (a) α = 12◦ and (b) α = 15◦.

4 FINAL REMARKS
This paper investigated the effect of flow separation on near-field aeroacoustic properties, such as surface
pressure spectra and convection velocity. Substantial and sudden increases were found in both surface pres-
sure spectra and autocorrelation widths once the boundary layer had separated. Additionally, locally nega-
tive convection velocities and a decrease in the convection velocity were established in the presence of flow
separation. The results provided in this paper are a small snapshot of the total data set available from the
highly instrumented airfoil.

Future investigations will include further flow field characterizations using dual sensor hot wire probes,
higher order analysis of the surface pressure fluctuations, as well as far-field noise studies. In addition, dy-
namic stall noise and stall noise mitigation approaches will be examined.
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ABSTRACT 

Experiments are conducted to study the mechanisms involved in the workings of a cylindrical Hartmann 

whistle at two different NPRs. The focus is more on the shock dynamics associated with the Hartmann 

whistle phenomenon. The sound field of the order of 130 dB is produced. Distinct peaks are observed at the 

fundamental frequency as well as the higher harmonics. The relationship between the flow pattern seen form 

Schlieren data with the acoustic measurements is highlighted. The cavity gas oscillation and the high speed 

Schlieren data showed the non-sinusoidal movement pattern of the stand-off shock. The static pressure 

variation in an under-expanded jet is found to be responsible for non-sinusoidal shock movement. 

 

Keywords: Hartmann whistle, Shock-dynamics, resonance  

1 INTRODUCTION 

Hartmann whistles have been a subject of investigation for almost a century now. Hartmann whistle 

consists of a sonic under-expanded jet impinging on the open end of a cavity, placed in line with the 

axis of the jet. When the open end of the cavity is kept at certain regions of the under-expanded jet, 

strong flow oscillations occur. The regions where these strong oscillations occur are termed as regions 

of instability, which was explained by Smith and Powell (1,2). These devices are used to produce 

strong unsteady flow fields and high temperature at closed end. Since these devices employ 

no-moving-part, it is more reliable and safe to operate. These devices are also capable of producing 

resonance induced heating attending around 1000 K, which can be used for heating related 

applications. In few literatures, this device is also referred to as the Powered Resonance Tube 

(PRT) (3–5), as the power source is the constant high pressure air supply. Sarohia and Back (6) 

identified the different operational modes of Hartmann whistle; namely, jet instability mode, jet 

regurgitant mode, and jet screech mode. In the case of an under-expanded jet, the ‘jet regurgitant mode’ 

is usually in operation. The strong oscillations thus caused produces high intensity acoustic radiation 

of discrete nature. These devices can be tuned to any desired frequency. The resonance frequencies are 

strong function of the geometry of the Hartmann whistle, especially the length of the tube. Raman and 

co-workers (3,5,7) have used resonant acoustics produced by Hartmann whistle in Active Flow 

Control (AFC) applications. Raman and Srinivasan (4) gave a comprehensive review that includes 

plethora of work done over a period of 90 years. Sreejith et al. (8) studied the aero-acoustic aspects of 

a conical Hartmann resonator and compared the results with a conventional cylindrical Hartmann 

whistle. Recently, Narayanan et al. (9–13) conducted comprehensive studies to understand the 

influence of geometrical aspects affecting the aero-acoustic behavior (such as spectra and directivity) 

of the resonator. Narayanan et al. (14) also used the intense acoustic field produced by Hartmann 

whistle to enhance the fuel droplet atomization. More recently, Lu and Liu (15) used forward facing 

cavity (shaped like a Hartmann resonator) as part of the thermal protection mechanism in a hyper-sonic 

vehicle, to reduce heating. Huang et al. (16) showed that by using a forward facing cavity embedded in 

the fore-body of a hypersonic vehicle, drag and stagnation point heat flux can be reduced. XinDong et 

al. (17) showed that the forward facing nose cavity can act as a thermal protection for a hypersonic 

vehicle.  

                                                        
1 sonuthomas9100@gmail.com 
2 ksri@iitm.ac.in 
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Form the literature it is clear that, given that these find its use in many practical applications. Hence, 

it is important to understand the underlying mechanisms involved Hartmann whistle operation. This 

understanding can used to tailor this device for a specific application. The intended work primarily 

focuses on the study of the mechanisms involved in the Hartmann whistle working. In the present 

study aspects like, acoustic data (spectrum and directivity), cavity gas oscillation and high speed 

Schlieren flow visualization for a cylindrical Hartmann whistle are compared at two different Nozzle 

Pressure Ratios (NPRs). The main intend of the present work is to understand the underlying physics 

of such flows interacting with open-closed end cavity in detail. A detailed study of these aspects can 

give a better physical understanding of the device Hartmann cavity performance. 

2 EXPERIMENTAL SETUP 

2.1 Anechoic test facility and other arrangement 

All the experiments are conducted in an anechoic test facility (see Figure 1). The anechoic 

chamber has dimensions of 2.5 m x 2 m x 2 m (wedge tip-to-tip). The cut-off frequency of chamber 

is 700 Hz. High compressed air is delivered to the settling chamber at a pressure of 9  bar. The 

upstream of the settling chamber is fitted with a moisture remover, an air filter, and a pressure 

regulator. The air filter removes particles above 5-microns in size. The stagnation pressure inside the 

settling chamber is controlled using pressure regulator valve. Flow conditioning meshes of 

progressive fineness are provided in the settling chamber to reduce the initial turbulence level.  

 

Figure 1 – Schematic of the anechoic test facility and experimental setup 

The experimental setup (see Figure 1) also consists of an under-expanded jet issuing from a 

10 mm orifice diameter, impinging on Hartmann cavity. Provision is made to connect a dynamic 

pressure sensor at the closed end of Hartmann cavity. The entire Hartmann test setup is bracketed on a 

compound rest, which had movement control in all three axes direction. Angular traverse mounted 

with a microphone is used to measure the directivity of the sound field at different emission angles. 

The angle is varied from 40° to 120° in steps of 5°. The 0° coincides with jet axis direction. Figure 2 

shows the picture of the setup kept in the anechoic facility.  
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Figure 2 – Photograph of the Hartmann whistle set-up kept in an anechoic chamber 

2.2 Hartmann whistle geometry 

Table 1 – The Hartmann cavity geometry and other dimensions 

NPR Separation (S), mm Length (L), mm Diameter (D), mm 

3.0 16 45 11 

5.0 32 45 11 

 

Table 1 gives the details of Hartmann cavity geometry. It also gives the separation  (S) between the 

jet orifice and the mouth of the cavity. The mouth of the cavity is kept at the end of the second sho ck 

cell of the under-expanded jet. As the NPR increases the shock cell length increases, which in turn 

results in increased separation. It is important to place the mouth of the Hartmann cavity at these 

specified locations in order for it to operate. These locations are often termed as regions of instability 

in literature (1) 

2.3 Instrumentation 

Far-field acoustic pressure is measured using a 1/4-inch pre-polarized microphone (PCB Model 

378C01). The sensitivity of the microphone is 2 mV/Pa at 250 Hz. A piezoelectric sensor (PCB 

Model 113B27) is used to measure the gas oscillation pressure at the closed end of the cavity. The 

far-field acoustic and gas oscillation signals are acquired at a sampling rate of 250 kS/sec. The 

microphone has a flat response in the frequency range of 4 Hz to 70 kHz, within 1 dB variation. A 

pistonphone (B&K Type 4228) is used to calibrate the microphone, at 250  Hz and 124 dB. The data 

acquired is low-pass filtered at 70 kHz using an analog filter (Krohn-Hite Model 3364) to avoid 

aliasing. A 16-bit resolution, 8-channel data acquisition board (National Instruments PCI-6143) is 

used to acquire the data. Measurements of pressure inside the settling chamber is monitored by a 

Bourdon gauge. The reference pressure used to calculate SPL and OASPL is 20 μPa. The uncertainty 

in SPL calculations is within ±1 dB. The microphone angle measured, has an uncertainty of ±1° in 

the directivity experiments. The error in axial static pressure measurement probe  location is ±0.1 mm. 

Schlieren flow visualization technique was used to study the shock dynamics. High speed Schlieren 

images were captured using Phantom v1212 high speed camera at the frame rate of 40,000  Hz. 

3 RESULTS AND DISCUSSION 

3.1 Schlieren Flow Visualization Data 

Figure 3 shows a Schlieren image encapsulating all the flow features of the Hartmann whistle 

phenomenon. It shows the under-expanded jet emanating from the orifice impinging the mouth of the 

Hartmann cavity axially. The complicated flow interaction of jet with the mouth of the cavity can also 

be seen. Also, since the mouth is place in the expansion region of the under-expanded jet we can see a 

stand-off shock upstream of the Hartmann cavity mouth. The oscillation of this stand-off shock is 
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Jet Orifice

Dynamic Pressure
Sensor
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responsible for the intense sound produced by this device. High speed images capture this shock 

dynamics more clearly.  

 

Figure 3 – The Schlieren image showing the complicated flow aspects involved in the operation of Hartmann 

cavity  

3.1.1 NPR 3.0 
Figure 4 (a) and (b) shows the high speed image sequences for the compression and expansion 

cycle, respectively. Compression cycle here is indicated by the movement of the stand-off shock 

towards the mouth of the Hartmann cavity (downstream direction). On the other hand, the expansion 

cycle is indicated by the movement of the stand-off shock away from the mouth of the Hartmann cavity 

(upstream direction). The inset number on each image refers to the frame number in the image 

sequence. Frames 244 and 258 represent the starting and ending of the compression cycle. Each 

successive frame is separated by 25 µsec, hence the time taken for compression cycle is 350 µsec. 

Frames 259 and 269 represent the starting and ending of the expansion cycle. These frames are 

separated by 250 µsec. It can be clearly seen that the compression cycle takes more time than the 

expansion cycle. This is due to the non-sinusoidal static pressure variation in an under-expanded jet. 

One full cycle takes around 600 µsec to complete which corresponds to a frequency value of 1.666 Hz. 

An interesting thing to note here is, the stand-off shock merges with the 1
st

 shock cell when it moves in 

the upstream direction. 

 

Figure 4 – High speed Schlieren sequence images for NPR = 3.0 (a) compression and (b) expansion cycles 

3.1.2 NPR 5.0 
Figure 5 (a) and (b) shows the high speed image sequences for the compression and expansion 

cycle, respectively. The inset number on each image refers to the frame number in the image sequence. 

Frames 87 and 104 represent the starting and ending of the compression cycle. Each frame is separated 

by 25 µsec, hence the time taken for compression cycle is 425 µsec. Frames 105 and 115 represent the 

starting and ending of the expansion cycle. These frames are separated by 250 µsec. It can be clearly 

seen that the compression cycle takes more time than the expansion cycle. This again is due to the 

non-sinusoidal static pressure variation in an under-expanded jet. One full cycle takes around 600 µsec 

to complete which corresponds to a frequency value of 1.481 kHz. Unlike NPR 3.0 case, here the 

stand-off shock does not merge with the 1
st

 shock cell when it moves in the upstream direction. 
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Another, interesting observation is that the expansion cycle takes the same amount of time, whereas 

the compression cycle in NPR 5.0 case takes longer time than NPR 3.0 case.  

 

Figure 5 – High speed Schlieren sequence images for NPR = 5.0 (a) compression and (b) expansion cycles 

3.2 Sound Pressure Level (SPL) 

 

Figure 6 – Sound Pressure Level (a) NPR = 3.0 and (b) NPR = 5.0 

SPL is measured at distance 40 times the jet orifice diameter (R=400 mm). These measurements 

can be safely assumed to be in the far-field where plane wave assumption is valid. Figure 6 (a) and (b) 

shows the SPL measured at 90 deg and 400 mm from the orifice center, at two different NPRs 3.0 and 

5.0, respectively. The Hartmann whistle clearly shows distinct peaks in the spectrum. The fundamental 

mode frequency corresponds to 1.526 Hz and 1.404 kHz respectively. The frequency obtained is closer 

to the quarter-wave-tube frequency. When compared to NPR 3.0 case, the frequency of oscillation is 

lesser for NPR 5.0, which is also corroborated by the frequency data obtained from high speed 

Schlieren images.  
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3.3 Overall Sound Pressure Level (OASPL): Directivity 

Figure 7 (a) and (b) shows the directivity (OASPL) at different emission angles at NPR = 3 and 5, 

respectively. We can see that there is very little change in directivity at different emission angles. The 

OASPL data is not available for angles below 40° and above 120° at a radius of 400 mm. Below 40° the 

jet will impinge on the microphone which can damage the sensor, whereas beyond 120° the sensor is in 

the shadow of orifice, hence measurements were limited between 40 deg-120 deg. It can be clearly 

seen that the maximum directivity occurs around 40 deg, which is in the downstream direction. This 

observation is consistent with early findings (11). 

 

Figure 7 – Directivity (a) NPR = 3.0 and (b) NPR = 5.0 

3.4 Cavity Gas Oscillations 

The pressure at the closed end of the Hartmann cavity was measured. The closed end pressure 

would mimic the gas oscillation inside the cavity. Figure 8 shows the gas oscillation pressure at the 

closed end of the cavity at NPRs 3.0 and 5.0, respectively. For NPR 3.0, expansion cycle takes around 

380 µsec and compression cycle takes around 240 µsec. For NPR 5.0, expansion cycle takes around 

432 µsec and compression cycle takes around 288 µsec. For both the NPRs the expansion cycle takes 

more time than compression cycle. This is due to the non-symmetry in the static pressure variation in 

under-expanded jets. The time taken for compression and expansion cycle matches well with that 

found using high speed Schlieren data, for both the NPRs. 

 

Figure 8 – Gas oscillations inside the cavity (closed end) (a) NPR = 3.0 and (b) NPR = 5.0 
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4 CONCLUSIONS 

Experimental study was conducted on a cylindrical Hartmann whistle to understand the shock 

dynamics associated with it. The aero-acoustic performance is measured in terms of SPL and OASPL, 

at two different NPRs. Intense sound field of the order of 130 dB is produced at both NPRs. Maximum 

directivity occurs at 40 deg. It was found that, the resonance frequency at NPR 5.0 is less than that at 

NPR 3.0. All the data from high speed Schlieren, the microphone and the piezoelectric sensor at the 

closed end, matched very well.  

The aero-acoustic data presented n this study is mixed with the jet noise data. Hence, it is difficult 

to comment on the resonance quality based on the aero-acoustic data alone. In the present study, the 

flow imping on the cavity is just little above sonic. Since, some of the applications of this cavity can be 

found in hypersonic vehicle fore-body, it would be interesting to do similar studies at high supersonic 

Mach numbers. Also, it would be interesting to study Hartmann cavities with different internal 

profiles. 
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Acoustic signal characterization using hidden Markov models with
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Abstract
The work presents a new probabilistic characterization scheme for acoustic signals with applications in Acousti-
cal Oceanography. This scheme assign the stationary wavelet packet coefficients of the signal, to a representative
left-to-right Hidden Markov Model (HMM). In particular, the coefficients of the signal are modeled via a set
of Gaussian emission distributions and a matrix of transiting probabilities. The training of the HMM is per-
formed using the Expectation-Maximization algorithm. Similarities measurements between signals then are
calculated in terms of the Kullback-Leibler divergence (KLD) by comparing their corresponding HMMs. The
applications in Acoustical Oceanography consist of both simulated and experimental data, in all test cases, a
single acoustic signal due to a known acoustic source, recorded at a single hydrophone is considered for the
retrieval of environmental parameters (ocean acoustic tomography or sea-bed classification applications). The
inversion process follows an optimization approach on the basis of KLD, through a Genetic Algorithm. Finally,
the results are compared with those obtained using the Statistical Signal Characterization Scheme (SSCS) pro-
posed by Taroudakis et al. [JASA, Vol 119, 1396-1405 (2006)]. Moreover, the results corresponding to the real
experiment are compared to reference values from the literature.
Keywords: Probabilistic Signal Characterization Scheme, Similarity Measurements, Inverse Problems
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Target detection method for reverberant environments in continuous-wave
active sonar system based on group multichannel nonnegative matrix

factorization

Seokjin LEE(1)
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Abstract
In the underwater environment, the active sonar system emits an acoustic wave and receives echo signals to
detect a target. However, the echo signals consist of not only the echo from the target but also the reverberation
from scatterers. If the target has a low speed, the detection problem is more difficult because the target echo
is interfered by the reverberation severely. In this paper, the target detection method for the reverberant envi-
ronment is developed based on multichannel nonnegative matrix factorization. To extract the target echo signal
mixed with reverberations, received signal is transformed into bearing-time-frequency domain, and analyzed
into bearing, frequency, and temporal basis by the multichannel nonnegative matrix factorization. The simula-
tion was performed to evaluate the proposed method, and the result shows that the proposed method has good
detection performance in the simulated reverberant environments.
Keywords: Active Sonar, Reverberation, Nonnegative Matrix Factorization, Target Detection

1 INTRODUCTION
In the underwater acoustics systems, the active sonar emits a ping signal and analyzes the reflected signal
to detect the target. Because the active sonar system utilizes the emitted ping, the system has advantage to
estimate the bearing and range of the target. However, the emitted ping signal also causes a problem: the
reverberation from scatterers degrades the detection performance. The conventional target detection algorithm
including the matched filter is sensitive to the reverberation, so several researches have been conducted to
improve the detection performance of the active sonar system [1, 2, 3, 4, 5, 6, 7].
Because the target moves with a specific speed, we can classify the targets into two categories with respect
to the Doppler shift: the high-Doppler and the low-Doppler targets. Detections of the high-Doppler targets are
not severely affected by the reverberation because the beamformers can deal with the problem, but the reflected
echo from the low-Doppler targets are easily interfered by the reverberations [1], so additional algorithms is
required to tackle the problem. Some researchers designed the transmission pulse to robust to the reverberation
[2, 3]. While these approaches are effective, designed new pulses may be incompatible with the conventional
systems. Therefore, some signal processing algorithms have been developed to suppress the reverberation at
the receiver, including auto-regressive (AR) pre-whitening[4], principal component inverse (PCI)[5], and signal
subspace extraction (SSE)[6]. The AR pre-whitening algorithm shows good performances in the simulation, but
the performance is degraded if the model does not match the actual signal environment. The PCI and SSE
algorithms can be good alternatives, but the algorithms focus on the low-rank decomposition only and does not
utilize a signal characteristic.
Recently, a reverberation suppression algorithm based on the nonnegative matrix factorization (NMF), which
utilizes a time-frequency characteristic of the transmitted and received ping, has been developed [7]. The NMF
decomposes a nonnegative matrix into a multiplication of two nonnegative matrices [8], and the method can
decompose a magnitude spectrogram of an acoustic signal into frequency basis and temporal basis matrices[9].
The NMF-based reverberation suppression algorithm has been developed to take into account the fact that the
NMF algorithm can analyze the time and frequency characteristics. The algorithm shows a good performance
relative to the other signal processing algorithms, but the algorithm only utilizes the time and frequency char-
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Figure 1. Simulated reverberation of a frequency-bearing domain. The receiver is assumed to use beamformers.
The x-axis denotes a bearing and the y-axis denotes a relative frequency.

acteristics, and it does not use any inter-channel information e.g. bearing information.
In this paper, we develop a target detection method in the reverberant signal environment, especially for a low-
Doppler target with transmitting a continuous-wave ping signal. The proposed algorithm is developed by using
the beamspace-domain multichannel NMF (BD-MC-NMF) [10], and dividing the basis vectors into two basis
groups – echo and reverberation basis groups.

2 PROPOSED METHOD
2.1 Problem Description
If we assume the sonar receiver moves with the velocity of v and receives a reflected ping sT (t) which is
caused by the transmitted ping s(t) from the transmitter, the received signal can be expressed as [11]

sT (t) = a |G(ψ−ψ0)|s(t− td)exp( j2π fdt), (1)

where a is an attenuation factor, td is a time delay, fd is a Doppler frequency shift, ψ is an angle between the
signal incidence and the receiver moving direction, and G(ψ) is a directivity function of the beamformer. Then
the spectrum ST ( f ) of the received signal is stated as [11]

ST ( f ) = a |G(ψ−ψ0)|S ( f − fd)exp [− j2π ( f − fd) td ] , (2)

where S( f ) is a Fourier transform of s(t).
The reverberation can be modeled as a sum of several reflections from a large number of scatterers, so the
spectrum SR( f ) of reverberation can be expressed as [11]

SR( f ) = ∑
n
{an |G(ψn−ψ0)|S ( f − fdn)exp [− j2π ( f − fdn) tdn ]} (3)

where an, fdn , and tdn are the attenuation factor, Doppler frequency shift, and time delay of n-th scatterer,
respectively. It can be assumed that the velocities of the scatterers are very small relative to the velocity of the
sonar receiver, or the ship, so the Doppler shift from each scatterer is

fdn =
2vcosψn

c
f0, (4)
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Figure 2. A block diagram of the proposed algorithm.

where f0 is a center frequency of the transmitted ping. Therefore, the incidance angle of the reverberation with
the Doppler frequency shift of fdn is

ψn = cos−1
(

c fdn

2v f0

)
. (5)

Figure 1 shows that the magnitude of simulated reverberation in a frequency-bearing domain. It is clearly shown
that the reverberation can interfere the detection of low-Doppler targets because the energy of reverberation
is distributed around the zero-Doppler frequency. Considering −1 ≤ cosψn ≤ 1, equation (4) shows that the
Doppler frequency of reverberation has the value from − 2v

c f0 to 2v
c f0, and Figure 1 shows that the range of the

reverberation. Therefore, the faster the receiver moves, the more difficult it is to detect the low-Doppler target.

2.2 Basis-Group Beamspace-Domain Multichannel Nonnegative Matrix Factorization
The proposed algorithm consists of NMF basis estimation and basis selection modules, as shown in Figure 2.
The basis groups consist of bearing, frequency, and time bases, and each basis is estimated by beamspace-
domain multichannel NMF algorithm. If we gather the magnitude spectrogram of the output signals from the
beamformers, the element vm,kn of the 3-dimensional spectrogram tensor V ∈ RM×K×N is [10, 12]

vm,kn = ∑
j

um j p j,kn + em,kn, (6)

where um j is a gain for m-th beamformer output of j-th source, em,kn is a noise of (k,n)-th time-frequency bin
of a spectrogram of m-th beamformer output, and p j,kn is a (k,n)-th bin of a spectrogram P j of j-th source.
p j,kn can be expressed as

p j,kn = ∑
r∈C j

wkrhrn, (7)

where wkr is a (k,r)-th element of a frequency basis matrix W, and hrn is a (r,n)-th element of a time basis
matrix H. If we divide the basis matrix to the echo and reverberation basis groups, equation (6) can be modified
as [12]

vm,kn =
JR

∑
j=1

um j p j,kn +
JR+JE

∑
j=JR+1

um j p j,kn + em,kn, (8)

where JR and JE are number of basis vectors in the reverberation and echo basis groups, respectively.
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2.3 Estimation of the reverberation basis group
In order to develop the estimation algorithm of the NMF bases, the reconstructed spectrogram v̂m,kn is defined
as

v̂m,kn =
JR

∑
j=1

um j p j,kn +
JR+JE

∑
j=JR+1

um j p j,kn. (9)

The estimation algorithms of um j, wkr, and hrn have to minimize the distance between vm,kn and v̂m,kn. There-
fore, we define the cost function C(Θ) with the distance measure as

C(Θ) = d(vm,kn|v̂m,kn), (10)

where Θ =
{

um j,wkr,hrn
}

. The distance measure is defined by the Itakura-Saito divergence as

d(x|y) = x
y
− log

(
x
y

)
−1. (11)

In order to derive the update equation for um j that minimize the cost function (10), the cost function is differ-
entiated with respect to um j as [10]

∂C
∂um j

=
K

∑
k=1

N

∑
n=1

(
p j,kn

v̂m,kn
−

v j,kn p j,kn

v̂2
m,kn

)
, (12)

According to Lee and Seung [13], um j can be updated using equation (12) based on the multiplicative update
rule as

um j← um j
11×K

[
V̂−2

m ⊗Vm⊗ (W jH j)
]

1N×1

11×K
[
V̂−1

m ⊗ (W jH j)
]

1N×1
, (13)

where V̂−1
m and V̂−2

m are element-wise inverse and squared inverse of V̂m, respectively, ⊗ is an element-wise
multiplication (Hadamard product), the fraction is an element-wise division, and 1a×b is a a× b matrix whose
elements are ones. In the same way, wkr and hrn can be updated as [12]

W j←W j
∑

M
m=1 um j

(
V̂−2

m ⊗Vm
)

HT
j

∑
M
m=1 um jV̂−1

m HT
j

, (14)

and

H j←H j
∑

M
m=1 (um jW j)

T (V̂−2
m ⊗Vm

)
∑

M
m=1 (um jW j)

T V̂−1
m

. (15)

2.4 Estimation of the echo basis group
The bearing and time bases, um j and hrn, can be updated by the same method as the reverberation basis group
case. However, the frequency bases can be contructed in advance if we know the frequency structure of the
transmitted ping signal, because the received ping can be assumed as a Doppler-shifted replica of the transmitted
ping, as shown in equation (2). Therefore, the frequency bases are constructed in the proposed method as [12]

W j = wp,↑{ j−JR−1−(JE−1)/2}, JR +1≤ j ≤ jE , (16)

where w j is a frequency spectrum of transmitted ping signal, and wp,↑∆k is a vector with wp shifted upward by
∆k bins.
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2.5 Own-Doppler compensation
The NMF bases can be updated iterativly using equations (13)-(16). However, the estimated bearing basis tends
to have large value at the own-Doppler reverberation (which is denoted by "Mainlobe" in Figure 1). From
equations (3) and (5), the beamformer gain of the own-Doppler reverberation is

GOD(m, j) = Gm

{
cos−1

(
c

2v
∆k j∆ f

f0

)}
, (17)

where ∆k j is a number of bins for the Doppler shift and ∆ f is a frequency resolution between the adjacent
bins. Considering the own-Doppler gains, equation (13) for the echo basis group is modified as

um j← αum j +(1−α)

{
1− GOD(m, j)

maxm, j GOD(m, j)

}
, (18)

where α is a tuning constant for the own-Doppler compensation whose value is between 0.0 and 1.0.

2.6 Basis selection
To detect the bearing, frequency, and the range of the target from the estimated NMF bases, we choose a proper
basis which can represent the reflected echo from the target. As shown in the previous research [7], the energy
of the reflected echo signal is concentrated in a short time period. Therefore, the target basis is selected by the
energy of continuous short duration as [12]

rtarget = argmax
r

h̄(r), r ∈ {CJR+1, . . . ,CJR+JE} , (19)

where,

h̄(r) = max
i

i

∑
n=max(i−np+1,1)

hrn. (20)

The target bearing number mtarget , target frequency bin number ktarget , and target time frames ntarget is calculated
as

mtarget = argmax
m

um j‖C j3rtarget , (21)

ktarget = argmax
k

wkrtarget , (22)

ntarget =
{

n‖hrtarget n > η
}
, (23)

where η is a pre-defined threshold to determine that target echo exists.

3 SIMULATION RESULTS
To evaluate the proposed algorithm, a simulation was performed with a simulated reverberant signal environ-
ment. The target echo was simulated by a attenuated and delayed replica of transmitted ping signal, and the
received reverberation signal was synthesized by the reverberation model of Abraham and Lyons[14]. The trans-
mitted ping was a 500 ms continuous-wave signal with a Doppler frequency ratio ( f/ f0) of 1.015. The system
was assumed to have 37 beamformers between 0◦and 180◦, and the null-to-null beamwidth of each beamformer
was set to 10◦. The output signal of each beamformer was short-time-Fourier-transformed, as shown in Figure
2, by 133 ms Hamming window with 25% overlap.
The number of sources in the reverberation group JR was set to 10, and the number of basis per source in the
reverberation group was set to 4. The number of sources in the echo group JE was set to 27. Because each
source of the echo group has one basis vector, the total number of the basis vectors was 67. The own-Doppler
compensation constant α was set to 0.5, and the threshold for activation of target echo η was set as

η = 0.2max
n

hrtarget n. (24)
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Figure 3. Results of estimated (a) bearing, (b) time, and (c) frequency basis matrices. Red doted rectangles
denotes the reverberation and echo basis groups, and the ground truth to be estimated. Green dashed line
denotes the selected basis rtarget by the proposed algorithm.
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Figure 4. Selected (a) bearing, (b) time, and (c) frequency basis vectors. Green dashed line denotes the ground
truth.

Figure 3 show results of the simulation. Figure 3(a) shows that the echo basis group includes the ground
truth of bearing, and the selected basis has a large value at the ground truth. Figure 3(b) shows that the echo
basis matrix have distinctive large values in the ground truth frames, and proper time basis is selected. Figure
3(c) shows that the echo basis group consists of the frequency-shifted replica of the transmitted ping, and the
selected frequency basis indicates the ground truth well. Figure 4 show the selected basis vectors, and the
results show that the large values of each selected basis vector are matched to the ground truth.

4 CONCLUSION
In this paper, a target detection method for a continuous-wave active sonar in the reverberant environment is
developed. The proposed target detection method is developed based on the BD-MC-NMF, and by utilizing a
priori information of the received target echo. To evaluate the proposed algorithm, a simulation is performed
with a synthesized reverberation. The simulation results show that the proposed algorithm can estimate the
bearing, time, and frequency basis matrices, and the target basis is selected well to detect the target echo.
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ABSTRACT 

Methodology of estimation of bottom parameters is proposed using data processing and analysis of sound 

intensity fluctuations due to mode coupling in the presence of moving nonlinear internal waves (NIW)  in 

shallow water channel. As an examples experiments Shallow Water 2006 (Atlantic shelf of USA) [1] and 

ASIAEX 2001 (South China sea) [2] are considered.  In these experiments NIW generated in area of the 

shelf break were moving approximately along acoustic track with the length about a few tens of km.  Spectra 

of intensity fluctuations of the sound intensity of pulses during a few hours on vertical line array (VLA) due 

to mode coupling in both experiments have specific peaks corresponding to the difference between wave 

numbers of coupling pairs of modes. Analysis of fluctuation spectra includes both temporal dependence of 

fluctuations on separate hydrophones and temporal dependence of intensity summarized over VLA. It is 

shown that geoacoustic inversion in given case can be achieved using comparison of experimental spectral 

and temporal dependencies and results of theoretical modeling, containing bottom characteristics (sound 

speed density and attenuation) as a fitting parameters. 

Keywords: Shallow water sound propagation, Nonlinear internal waves 

1. INTRODUCTION 

Nonlinear internal waves (NIWs) exist in many different areas of the ocean, often in the form of 

trains consisting of up to 10-12 separate “solitons” of large amplitude. They are found particular in the 

continental shelf zone (shallow water), where they play an important role in various oceanographic, 

biological and chemical processes. The influence of NIWs on sound propagation makes the study of the 

interaction of acoustical signals and NIWs seems rather interesting, and can allow us to consider acoustical 

monitoring of NIWs. A useful manifestation of the influence of NIWs on sound propagation are the 

fluctuations of the sound field observed at the receiving system. We will consider array receivers here, for 

example vertical and/or horizontal line arrays (VLAs and/or HLAs).  The properties of the fluctuations 

depend on the angle α between the direction of the sound propagation and the direction of the NIW front [1].  

In particular, if the angle α is not very small (roughly >10 degrees), then the mechanism of the fluctuations is 

mode coupling.  

We would note that fluctuations of the sound amplitude and intensity caused by moving NIWs, as 

measured at a fixed depth, takes place even in the absence of attenuation. The spectral properties of such 

fluctuations were studied in [3,4], both in the ray approximation and using modal analysis. In these papers, it 

was assumed that (see Fig.1): 1) the NIWs are entirely located between the source and receiver, which 

excludes the adiabatic mechanism of fluctuations taking place due to variations of the sound speed profile at 

the source and/or receiver and 2) the angle   between the wave front of the NIW and the acoustic track is 

not too small, so that we can to first order neglect horizontal refraction. 

In this scenario, mode coupling (using the modal picture for low frequency sound) or scattering of 

rays (using the ray picture for high frequency sound) are main mechanisms of the fluctuations. Both theories 

give a description and explanation of the temporal fluctuations of the sound signals at the receiver. The 

existence of a so called “predominant frequency” providing a maximum amplitude in the spectrum is the 

main feature of interest. 

                                                        
1 bkatsnels@univ.haifa.ac.il  
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In the present work, modal theory is applied for the description of the propagation of 300±30 Hz 

signals in the presence of NIWs in the SW06 experiment, and in ASIAEX experiment, where we have 

rather detailed information about the oceanographic situation, including NIWs. This allows us to carry out 

detailed analysis and theoretical modeling adequate to the experiment, and comparison of the observational 

data with theory. 

 

 
Fig.1 

2. THEORY OF INTENSITY FLUCTUATIONS 

Let’s consider  a waveguide with a water column of constant depth H and an unperturbed sound 

speed profile  zc0 , corresponding to the averaged experimental data, with density  1 g/cm
3
.  

Our bottom model is a liquid homogeneous half-space with sound speed bc 1570 m/s and 

density b 1.8 g/cm
3
. The attenuation coefficient is unspecified so far. As we will see, one of main 

results of this paper will be an estimation of the sediment induced bottom loss using a comparison of the 

experimental data with the results of our modeling. This “optimal estimate” attenuation coefficient will be 

seen to be  0.3 dB/. This value is something like an intermediate value in the interval 0.1–1 dB/, 

where minimal value was used in [Ballard et al, 2012] for the same region, and the maximal value is 

calculated using the empirical formula of Hamilton [Hamilton, 1972], obtained with the same value of 

porosity, 0.49. Other bottom parameters correspond to data from the authors of [Yardim et al, 2012; Ballard 

et al, 2012]. 

Let’s suppose that NIW train of the length L moves along r-axis at the speed v. A moving NIW 

train leads to the perturbation of the sound speed profile  zc0 . For a description of the perturbed sound 

speed profile, the following expression is used: 

 
 

 








LxTzxrc

Lxxzc
zxc

0  ,,,

  ,0  ,
,~

11

0
,                                           (1) 

where Trrx  ,  11 TTvrr rT  , T is time, and rv  is the projection of the NIW velocity on the 
r  axis during the time of observation T . We can remark that, if 11, rrTT   then 0x . If during 

the interval T the motion of the NIW takes place toward the source at velocity v , then vvr  .  

Note that in Eq. (1) the NIW train is taken to be limited in the horizontal direction  to L 13 

km (seven separate ISWs); it is moving with the same shape and velocity v  toward the source. At an 

arbitrary moment of time T , the coordinates of the starting and final points of the NIW are: Trr   and 
Lrr T  . Out of the NIW area, the sound speed profile is unperturbed. i.e.  zc0 .  

Let  s  be the spectrum of radiated signal. In the frozen time approximation, neglecting 

horizontal refraction (argumentation of this statement is presented in the sec. VI), the spectrum of the signal 

 TzrP ,,  at an arbitrary point  zr,  can be found from the Helmholtz equation and the corresponding 

boundary conditions: 
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  ick bb ,    is Dirac delta-function, and 110 HHzz  is the effective depth of the 

NRL300 source. If z  in Eq. (2) is the depth of hydrophone at the distance Rr  , then z  should be 

calculated as  22 HHzz  . 

In area Trr 0  there are no NIWs and 0 . The solution to Eq. (2) in this case does not 

depend on T and has the form: 

      

m

mm

m

m riz
rq

C
zrP exp,

0

,                                         (3)  

where 
0

mC  are the modal amplitudes at the source 
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 ,                                             (4) 

 zm  and 2mmm iq    are the eigenfunctions and complex eigenvalues (due to attenuation) of the 

Sturm-Liouville problem:  
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where 
22

1 mbm kimg  , and  bm1 . 

In the region of the NIW Lrrr TT  , which corresponds to Lx 0 .  Taking into 

account the smallness of  ,  the solution of Eq. (2) has a form similar to Eq. (3):  

 
 

    

m

mm

m

m riqz
rq

TrC
TzrP exp

,
,, .                                     (6) 

The modal amplitudes  TrCm ,  depend on Tr,  in the exp-function and instead of m  there is now mq . 

After the substitution of Eq. (12) into Eq. (2), and performing standard evaluations,  specifically: using the 

forward scattering approximation by neglecting by 
22 drCd m , ignoring all terms of the second order of 

smallness, and using Eq. (11) and the orthogonality of the eigenfunctions,  we get the usual system of first 

order differential equations describing the mode coupling: 

  



n

mnnmnm
mm rqiCViC

dr

dC
exp

2
,                                  (7) 

which, after the replacement of variable r  by x becomes 

  



n

mnnmnm
mm xqiBViB

dx

dB
exp

2
,                                  (8) 

where    Tmmm riqCTxB exp,  , nmmn qqq  , and 
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Remark, that analysis of different mode coupling equations was done, for example, in [Godin, 

1998]. 

A rough estimation for the mode couping coefficient for experimental conditions is 
54

0 10105~2/~),(  kTxVmn  m
-1

, much less than the the minimal 
3105~  mnq m

-1
. 

The boundary condition for equation system (8) on the left boundary at Trr   has the form  

   2exp, 0

TmmTm rCTrC  . Correspondingly at 0x  for the equation system (8) it is: 

   Tmmm riCTB  exp,0 0
.                                               (9) 

The “initial” condition” for the moving perturbation includes a phase shift depending on the time T. 

Let’s find a solution to Eq. (14), satisfying boundary condition in Eq. (9) using the matrix form:  

WB
B


dx

d
,                                                           (10) 

where B  is column mB , W  is matrix with elements  mnmnmnmmn qixiVW  exp2 , and 

mn  is the Kronecker delta . Let  xS  be fundamental matrix of the system (16): 

  ISWS
S

 0   ,
dx

d
,                                                   (11) 

where I  is the unit matrix. Then the solution to Eq. (10) for Lx   is:  

     TLTL ,0, BSB  .                                                  (12) 

The corresponding equation for modal amplitudes mC  has the form: 

        
n

TmnTnnmnTm rqirCLSTLrC exp2exp, 0
.                      (13) 

In the region Lrr T  , up to the VLA receiving array at Rr  , we have 0  and  

      2exp,, LrrTLrCTrC TmTmm   .                               (14) 

After the substitution of  Eq. (14) into Eq. (12) at Rr  , and denoting    TzRPTzP ,,,   , 

we get the sound field at the VLA  

    

nm

rmnmn TvqiPTzP
,

exp, ,                                         (15) 
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z
LSСP rmnmrmnm

m

m
mnnmn 


 2exp 2

0
,            (16) 

where nmmn  ,   2nmmn  , and  rvrTT 112 06:26:52 is the moment of time 

when the moving point 0x  coincides with the position of the source. We remark that in absence of 

NIWs,    2exp LLS mmnmn   and the solution of Eq. (16) at Rr   turns into the unperturbed 

solution Eq. (9). We also note that Eq. (21) is expressed through rv  (the projection of the NIW velocity 

on the r axis), which is comfortable for the analysis of experiments when the NIW moves toward the source 

(in this case vvr  ) or toward the receiver (here vvr  ). 

Let’s denote mnmn qv  and take into account that in our experiment vvr  . Then, in 

accordance with Eq. (4), the intensity of the sound field is 

       




lknm

klmnklmn TiPPcTzI
,,,

*1
exp2, .                             (17) 

Expression (17) allows us to calculate the fluctuations of intensity due to NIW motion and compare 

them with the experimental data. As a final step, we take into account the bottom loss in the model of the 
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waveguide.  

 

3. APPLICATION OF THEORY TO ASIAEX AND SW06 EXPERIMENTS 

 

       In the ASIAEX experiment we have the following situation (Fig.2) . NIW with the length moves 

along acoustic track with the velocity , where the left end of NIW at the time moment  (measured in 

UTC scale) is determined by the coordinate , (we consider temporal interval 

) , the corresponding positons of NIW are shown in the Fig.2, 

and km. 

 

Fig. 2 Schematic of the acoustic propagation path (S1-R) and three positions of NIW. Sound speed profiles 

for two areas are shown in the right panel. 

 

 

 

Figure 3. Time period 8:30-11:30 on May 7. a)-sound intensity as a function of time and depth;  b) – 

L
v T

vTrrT  0
UTC30:11UTC30:8 10  TTT

30 r
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intensity for the depth 53.25 m; c) - spectrum of sound intensity for different depth; d) – spectrum for the 

depth of 53.25. All plots are normalized by maximal value equal to1 

 

In the Fig.3 results of calculation of spectra (17) for experiment ASIAEX. Values of numbers of interacting 

modes are shown in the Fig.3.  

So in temporal dependence of the depth distribution of intensity we clearly see periodical character of 

fluctuations. (Figs.3a).In the corresponding plot of spectrum at fixed depth the biggest peak (predominating 

frequency) has the value 1.3 cph which is close to theoretical values provided by coupling of two different 

pairs of modes (2,3) and 3,4) having rather close values of the beating scales  , and probably two 

different peaks cannot be resolved. Some displacement of theoretical values for frequencies can be 

explained by some error in speed of NIW or in waveguide parameters. For other peaks, also there are 

candidates of mode numbers providing the corresponding frequencies. Very low frequency fluctuations 

(less than 0.5 cph, provided by tide) are excluded.  

We can estimate predominating frequency of fluctuations using ray approximation for given waveguede 

using idea of  predominating frequency of fluctuations. Let’s take linear approximation for the sound 

speed profile: )1()( 0 zczc   where for our case (depth H 250 m) 15350 c m/s, 
5108 

m
-1

. Cycle of ray, having maximal length, corresponding to modes with minimal attenuation coefficients 

(numbers 2,3,4) can be calculated using expression  /tan2~D , where   is grazing angle, 

corresponding to ray, touching the surface (having maximal length of the ray cycle). After simple 

evaluations, we have 5~/22~ HD km. The corresponding predominating frequency is about 

25.1~/~ Dv cph, in a good correspondence with the modal theory and experiment 

 

Let’s consider the Shallow Water 2006 experiment. Here, the Naval Research Laboratory 

“NRL300” is a source of linear frequency modulated (LFM) signals with a duration 2.048 sec each, a 

frequency band of 300±30 Hz, and a period of repetition of 4.096 sec. Pulses were radiated in sequences of 

110 separate pulses, and the duration of each series is 7.5 min every half an hour. For our present analysis, 

the time interval of radiation 06:00:00–06:07:30 GMT from August 14 2006 is taken. The depth of the 

source is z1=72 m, and the sea depth is H1=82.5 m. VLA denotes the vertical line array, as previously noted. 

We analyzed the signal receptions for nine hydrophones within the depth range z2=17.25–77.25 m, with a 

spacing distance between them of 7.5 m.  The depth of the sea at the array site is H2=79 m. The distance 

between the NRL300 source and the VLA is R=20181 m. 
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Fig.4 Spectrum of intensity fluctuations and numbers of interacting modes. 

 

 

 

Fig.5. Experimental and model dependencies of relative total intensity fluctuations  TJ  for parameters 

denoted in the Figures. (a) – without loss, (b) with bottom attenuation. v 3.2 m/s. 

 

 

Spectra of fluctuations both using experimental data and theoretical modeling are shown in the Fig.4. In the 

lower panel mode numbers, providing mode coupling and in turn sound intensity fluctuations are shown as 

well. 

 

In order to explain the observed fluctuations of the total intensity (Fig.5) , let’s introduce bottom loss. As is 

well known, the existence of attenuation in the sediment leads to modal attenuation, i.e. depending explicitly 

on mode number. Moreover, the attenuation coefficient usually increases with mode number, at least 

beginning with some number.  

The value  0.3 dB/ corresponds to the best agreement between the measured and calculated 

amplitudes of  the fluctuations, and also in the positions of the main peaks (~15 and ~25 cph) in the 

experimental and calculated spectra. 

 

CONCLUSION 

Significant fluctuations take place in the presence of NIWs inside the acoustic track, and rather small 

fluctuations are seen in the absence of NIW 

The theory of  ode coupling by moving NIWs explains the properties of fluctuations measured by a 

hydrophone at a fixed depth (i.e. the positions of the peaks in the spectrum and their relative amplitudes). 

Mode coupling in the presence of bottom loss can lead to fluctuations of total intensity, due to the 

fluctuations of modal amplitudes having different attenuation coefficients. The positions of the peaks in the 
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spectrum of fluctuations of total intensity are the same as for the spectrum of fluctuations at fixed depth, but 

the amplitudes are different, depending on the attenuation coefficient. Comparison of the calculated spectrum 

of total intensity with experimental data can provide an estimate of bottom attenuation. 
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ABSTRACT 

Beampattern measurement is essential to verify the performance of an array sonar. However, common 

problems in beampattern measurement of arrays are the constraints to achieve the far-field condition and 

reach plane waves due to aspects such as limited measurement space. We aimed to measure an array 

beampattern in limited space and evaluate the performance through the –3 dB beam width. Hence, we 

devised a method to measure the beampattern of a discrete line array in limited space based on the subarray 

method. Specifically, a discrete line array whose measurement space does not satisfy the far-field condition is 

divided into several subarrays that satisfy this condition, and the beampattern of the line array is then 

determined from subarray measurements. The proposed method is verified by simulations, and we performed 

a measurement experiment on a line array with 256 elements and a design frequency of 455 kHz. The 

proposed method accurately determines the beampattern of the line array through a simple approach 

compared to beampattern conversion obtained from measurement data from the near up to the far-field. 

 

Keywords: Beampattern, Near-field 

1. INTRODUCTION 

Beampattern measurement is essential to verify the performance of array sonar. However, such 

measurement for long arrays generally needs a huge testing field or a complex setup (1,2). Especially 

for long arrays operating at high frequencies, it is difficult to measure beampatterns in acoustic tanks. 

We intended to measure the beampattern in a limited space for performance evaluation through the 

–3 dB beam width of the array. Near-field scanning can be applied to a very large (or long) array, for 

which the far-field distance becomes prohibitive regarding the achievable experimental test range or 

dimension of the acoustic tank. This way, effective performance measurements of a large array can be 

achieved. However, as near-field scanning is very time-consuming (3), we propose a method based on 

subarrays to measure the beampattern of a long line array in a limited space. We verified the proposed 

method through numerical simulation and then experimentally measured the beampattern of an array. 

2. METHODS 

2.1 Beampattern 

A beampattern represents the intensity variation of a beam as function of its direction and distance 

from its source. Beamforming is a technique used to send (receive) signals over (from) a specific 

direction. It can be achieved through spatial filtering by using a sensor array or through signal 

processing. The beampattern of a discrete array can be determined by summing the products of the 

phase differences and the delay functions of all of the array elements by considering the constructive 

and destructive interference of signals at a specific angle (4). When the same omnidirectional elements 
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are uniformly arranged over a plane, as shown in Figure 1, and assuming no mutual coupling among 

elements, the beampattern is given by 

𝐵(𝜃, 𝜙) = ∑ ∑ ∑ 𝑔(𝑥, 𝑦, 𝑧) ∙ 𝑒𝑥𝑝[(𝑚 − 1)𝜓𝑥 + (𝑛 − 1)𝜓𝑦 + (𝑙 − 1)𝜓𝑧]
𝐿

𝑙=1

𝑁

𝑛=1

𝑀

𝑚=1
 (1) 

where angles 𝜃 and 𝜙 are as described in Figure 1, m, n, and l correspond to values along axes M, N, 

and L in Figure 1, respectively, 𝑔(𝑥, 𝑦, 𝑧) is the aperture function, and (𝜓𝑥, 𝜓𝑥, 𝜓𝑥) are expressed as 

𝜓𝑥 = 𝐾𝑑𝑥 cos 𝜃 cos 𝜙 

𝜓𝑦 = 𝐾𝑑𝑦 sin 𝜃 cos 𝜙 

𝜓𝑧 = 𝐾𝑑𝑧 sin 𝜃 

(2) 

with 𝐾 being the wavenumber of the detected signal frequency and 𝑑 the interval between elements 

(4–6). Beampattern B is defined for plane waves of sound because they satisfy the far-field conditions. 

 

Figure 1 – Geometry of uniform rectangular array, where each element is a red diamond 

2.2 Proposed Measurement Method 

For a discrete line array whose measurement space does not satisfy the far-field condition, the 

proposed method for obtaining the beampattern from near-field measurements divides the array into 

several subarrays, each satisfying the far-field condition. Then, it is possible to derive the beampattern 

of the array by assuming each subarray to be one element contributing a beampattern. The aperture 

function of the line array consisting of subarrays is given by 

𝑔(𝑥) = ∑ 𝑔𝑛(𝑥 − 𝑥𝑛)
𝑁

𝑛=1
 (3) 

where 𝑥𝑛 is the position of the subarray and 𝑔𝑛 is the aperture function of subarray n. If the 

aperture functions for all the subarrays are the same and for a sampling function as in Equation 4, the 

aperture function of the array can be written in the convolution form shown in Equation 5, where ∗ 

denotes convolution. 

𝐷(𝑥) = ∑ 𝛿(𝑥 − 𝑥𝑛)
𝑁

𝑛=1
 (4) 

𝑔(𝑥) = 𝑔𝑛(𝑥) ∗ 𝐷(𝑥) (5) 

As convolution in spatial coordinates is multiplied by the angular area of the beampattern, the total 

beampattern can be obtained as 

𝐵(𝜃, 𝜙) = 𝐵𝑛(𝜃, 𝜙) × 𝐵𝐷(𝜃, 𝜙) (5) 

which corresponds to the beampattern of the subarray multiplied by the beampattern of the sampling 

function. 
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3. SIMULATION AND EXPERIMENTS 

3.1 Numerical simulation 

To verify the effectiveness of the proposed method, we first performed a simulation on a line array 

with 256 omnidirectional antenna elements at a design frequency of 455 kHz. The array was divided 

into 16 subarrays, each having 16 elements. The beampattern for the far-field condition and that using 

the phase difference of each element at the near-field (r = 2.44 m) are shown in Figure 2. Although the 

ideal far-field beampattern corresponds to a sinc function, the beampattern using the phase difference 

for the near-field in Figure 2 substantially differs from the far-field beampattern. 

  

Figure 2 – Beampattern simulation for far-field and near-field (r = 2.44 m) 

 

The beampattern of each subarray and that of the sampling function to obtain the total beampattern 

using the proposed method for the far-field are shown in Figure 3. The beampattern obtained from the 

results of Figure 3 through the proposed method are shown in Figure 4. The calculated and simulated 

(Figure 2) beampatterns suitably agree, confirming the correctness of the proposed method. 

  

Figure 3 – Beampattern of subarray (top) and sampling function (bottom) in far-field 
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Figure 4 – Far-field beampattern verifying the proposed method 

 

The beampattern obtained from the near-field (r = 2.44 m) phase difference using the proposed 

method is shown in Figure 5 and confirms that the far-field beampattern can be obtained by applying 

the proposed method to near-field measurements. 

  

Figure 5 – Beampattern for near-field obtained by proposed method and beampattern for far and near field 

3.2 Experiments 

To obtain a real beampattern and further verify the proposed method, we performed near-field 

measurement experiments on an array as that from the simulation placed within a 4 × 4 × 5 m acoustic 

tank. For near-field measurements, the distance between the transmitter and receiver was 2.66 m, and 

the measurement angle ranged from –50 to 50° at intervals of 1°. In addition, we considered a 

measurement interval from –10 to 10° for the main lobe with resolution of 0.1° and a sampling 

frequency of 10 MHz. We obtained the beampattern from near-field measurements to determine the 

performance through the –3 dB beam width of the array, and hence we limited the range of 

measurement angles. 

Figure 6 shows the examples of beampatterns obtained using data measured in the near-field for 

various subarrays. Although all the elements that comprise the array are nearly omnidirectional, this 

feature is not ideal, and there are measurement errors that cause a small differences in beampatterns 

among subarrays. To obtain the total beampattern of the array through the proposed method, we 

assumed that the beampatterns of all subarrays are equal. Therefore, in this experiment, the average 

beampattern from the measured subarrays shown in Figure 7(a) was used as representative 

beampattern, and the sampling beampattern shown in Figure 7(b) was used to apply the proposed 

method. 
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Figure 6 – Examples of subarray beampatterns obtained from near-field measurements 

  

Figure 7 – Subarray beampattern to obtain total beampattern using the proposed method. (a) Subarray 

beampattern obtained from near-field measurements and (b) sampling beampattern 

 

The main lobe of the array beampattern obtained from the proposed method with the results in 

Figure 7 is shown in Figure 8 (blue line). For comparison, the figure also shows the beampattern 

obtained from simulation (red dashed line) for an array of 256 omnidirectional elements. The 
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proposed method can suitably retrieve an array beampattern from near-field measurements and be 

employed to evaluate the performance of the array given the –3 dB beam width. 

 

Figure 8 – Beampatterns obtained from simulation and proposed method 

4. CONCLUSIONS 

We aimed to measure the beampattern of an array to evaluate its performance over the –3 dB beam 

width. However, the usually limited available space for beampattern measurements impedes satisfying 

the far-field condition of the array. We overcome this problem using a method to obtain the 

beampattern of the arrays through near-field measurements when the far-field condition cannot be 

achieved due to limited space. Through a simulation, we verified the effectiveness and accuracy of the 

proposed method. In addition, we experimentally verified the proposed method by obtaining the 

beampattern of an array through near-field measurements. When measuring beampatterns of arrays, 

the far-field condition is usually not satisfied, and far-field measurements present various problems 

related to the transmission of sound waves. Therefore, the near-field beampattern measurements 

enabled by the proposed method can be used in a variety of practical cases. 
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Abstract
In order to increase the reliability and precision of numerical models for vibro-acoustic problems, it is often still
necessary to extract and validate input parameters by performing experiments. Among the frequently needed
input parameters for finite element models, damping is one of the most difficult ones to acquire. One of the
reasons for those difficulties is that the boundary conditions commonly used for numerical models, e.g. free-
free support or ideally clamped are not precisely feasible in an experimental setup but are mere approximations.
Since the utilized type of support can affect the obtained experimental damping values, it can be necessary to
pay close attention to the design of the experimental setup.
The focus of this study is set on the influence of different types of support on experimentally obtained damping
values. The structural dynamical response of the used test specimen with different types of support on an
impulse excitation is measured by a laser scanning vibrometer. During post-processing, the damping values are
derived from the measurements and are further analysed.
Keywords: EMA, Damping, Measurement, natural frequencies, Reliability

1 INTRODUCTION
In order to improve the quality of numerical models a precise knowledge of the underlining geometrical and ma-
terial properties are a necessity. In most cases the geometry of a component can be measured by either optical
or tactile methods, with a precision which is for most practical application more than sufficient [12, 14, 11, 6].
The mass and in case of a homogeneous material the density of a specimen can also determined with a sufficient
precision. The margin of error in the measurement of mass as well as geometry can be considered relatively
small in comparison to the uncertainty in measuring the Young’s modulus (±2.3%) or Poisson’s ratio (±3.2%)
of a homogeneous isotropic material [10]. But even these uncertainties can be considered small in comparison
to the margins of errors in measuring damping. The measured damping of an assembly or component can be
effected by joint damping [13, 7], the chosen type of support [1] or the surrounding fluid [2]. Furthermore
experimentally obtained damping can largely depend on the settings and methods used during measurement and
post-processing [9].
The focus of this paper is on the influence of boundary conditions in experimental setups on obtained damping
values. As David J. Ewins mentioned in his book ’Modal Testing’ one common type of suspending specimens
is to approximated free-free boundary conditions with strings [5]. In this study the mounting position of such
strings are slightly changed and resulting effect on the obtained damping values quantified.

2 EXPERIMENTS
2.1 Specimen and experimental setup
For the purpose of this study a plate was milled out of a solid block of aluminium AlMg4,5Mn0,7. This plate
has a length of L = 355mm, a width of B = 255mm and a height of h = 13mm. Along the plates edges a total
of 44 equally distanced M10 threaded holes have been drilled. Along the long edges a total of 14 of those
holes are placed. These were used to suspend the plate with two strings equally distanced to the plates edge.
hereinafter the mounting position is described with numbers increasing form the outside to the inside of the
plate. As an example ’11’ reference to a mounting position in the two outer holes, ’22’ mounting in the second
holes from the outside and ’77’ means that the strings were attached in the two central holes. A more detailed
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description of the mounting position can be found in [8].
For the excitation of the structure an automated impulse hammer from NV-Tech-Design type ’SAM1’ was put
into use. This allowed for a precisely controlled and repeatable impulse [3, 4]. The structural response was
obtained contact-less with a Laser-Scanning-Vibrometer form Polytec type PSV500 at three points on the surface
subsequently. By using an impulse hammer and a vibrometer no additional mass, stiffness or damping was
added to the specimen for the purpose of excitation or measuring the response. As a result the measurements
only differ in the mounting position of the suspension.

2.2 Post-Processing
In the first step the measured time data were imported into MATLAB R© 2018a and transformed into the
frequency domain. In the second step the data got imported into ME’SCOPE R©. Here a modal analysis were
performed in order to obtained the natural frequencies and damping. The results from all measurement points
with the same mounting position were averaged in order to improve the reliability of the results.

∆ f =
fnn − fmean

fmean
(1)

∆ξ =
ξnn −ξmean

ξmean
(2)

The focus of this paper is on the modes 2, 3, 6, 7, 8, and 10 since those could be clearly identified. The
influence of the different mounting position of the natural frequency and damping in displayed, as described in
the equations 1 and 2, in relation to the arithmetic average of all mounting positions.

3 RESULTS
In Table 1 the averaged natural frequencies and damping values of the investigated modes are listed. It is
noticeable that the obtained damping values are relatively small.

Table 1. Arithmethic average damping values and eigenfrequencies of the analysed mode-set

Mode Damping [%] Natural frequencies [Hz]
2 0.0092 546.2
3 0.0146 1077.5
6 0.0701 1202.8
7 0.0495 1506.4
8 0.0721 2203.0

10 0.0576 2908.4

In the left part of figure 1 the deviation of the natural frequencies for different mounting points of the suspen-
sion to the average natural frequencies are displayed. Also it seems like the eigenfrequnencies are affected by
the mounting position, the observed deviations of less than ∆ f < ±0.05% are most likely not relevant in most
practical applications.
The deviation of the damping values for different mounting points to the average value, which are plotted on
the right side of figure 1 vary up to ∆ξ < ±30%. An interpretation of this is, that experimentally determined
damping values are, at least for lightly damped structures, quite sensitive to the boundary conditions applied in
the experimental setup. As a consequent it can be stated that it is unlikely to measure realistic damping values
when shakers or sensors, i.e. accelerometers are attached to a lightly damped structure.
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Figure 1. Difference of damping (right) and natural frequency (left) to average values

4 CONCLUSIONS and OUTLOOK
The data presented in this publication indicate, that experimentally determined damping values of light damped
structures are highly sensitive to the conditions under which they have been measured. Furthermore the results
shown suggest, that the natural frequencies are by far less sensitive to the boundary conditions than the obtained
damping values. This has been shown on the example of an aluminium plate.
The focus of future research is set on the variance and reproducibility of experimentally obtained damping
values of different mounting positions.
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Abstract
Several mathematical models of the human middle ear have been developed throughout the last 70 years for
different purposes. Although the experimental data of the dynamical behavior of the middle ear show a large
dispersion, only deterministic models have been proposed in the literature. This work aims to develop a prob-
abilistic model of the human middle ear to study its dynamic behavior uncertainties. Then, a coupled lumped
parameter and analytical model is combined to Monte Carlo simulations (MCS). The parameters of the deter-
ministic model was fitted to match the stapes velocity to one experimental results. Then, the input parameters
were modeled with Gaussian probability density functions in the MCS. It was observed the uncertainty of the
natural frequencies increases with the mode order. Also, the dispersion seen experimentally could not be repro-
duced defining the standard deviation (StD) of the input parameters as 20% of the mean value. Therefore, the
StD of the input parameters was increased up to 30%, 40% and 50% of the mean values. Results suggest the
StD should be defined separately for each input parameter in order to reproduced the experimental dispersion.
At last, next steps are set for improvements in the proposed probabilistic approach. Keywords: Middle ear,
Biomechanics, Uncertainties, Probabilistic model

1 INTRODUCTION
The middle ear is a biomechanical system that composes the peripheral auditory system of mammals together
with the outer and inner ears. The middle ear is mainly composed of a complex fibrous membrane called tym-
panic membrane (TM), an ossicular chain comprising three tiny bones (malleus, incus and stapes), two synovial
joints and various soft tissues such as ligaments, tendons and muscles [1]. Two functions are assigned to the
physiological working of the middle ear. At first, the middle ear matches the several different impedances of
the outer and inner ears, improving the transmission of the sound energy between these two systems. Secondly,
the middle ear protects the inner ear against high static pressures and high sound stimuli through passive and
active working [2].
For a proper understand of the middle ear mechanics under healthy and pathological conditions as well as to
evaluate the performance of prosthesis and hearing devices, several mathematical models of the middle ear have
been proposed in the literature [3]. Since Esser [4] in 1947, who studied the deformation of the TM through
an analytical formulation, all mathematical models of the middle ear were developed using deterministic ap-
proaches. In contrast, experimental data of the human middle ear dynamics generally shows large discrepancies
among samples. Consequently, it is still debatable the applicability of deterministic models of the middle ear
once the real structure is a fuzzy system.
In this paper we use a lumped parameter model combined to Monte Carlo simulations in order to develop a
probabilistic model of the human middle ear for studying its dynamic behavior uncertainties. In addition, a
simplified analytical model of the outer ear is coupled to the middle ear model to expand the analysis. In
the end, we aims to provide a preliminary investigation on the statistical properties of the human middle ear
mechanics through a probabilistic approach.
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2 METHODS
Our analysis of the middle ear’s uncertainties is based on four different measures: the first three natural fre-
quencies fn, the frequency response of the stapes velocity by the acoustic pressure at the TM Hfp, the input
impedance of the middle ear ZME and the wideband Energy Reflectance ER (also called as Power Reflectance).
The definition of the last three measure are given as

Hfp =Vfp/PTM, (1)

ZME = PTM/VTM (2)

and
ER = |RME|2, (3)

being Vfp the velocity of the stapes, PTM the sound pressure at the TM, VTM the velocity of the TM and RME
the reflection coefficient of the middle ear seen by the ear canal. These quantities were chosen to reach as
mechanical measures ( fn, Hfp and ZME) as well as vibroacoustical measures (ER). While a pure mechanical
model can be used to obtain the mechanical parameters, a vibroacoustical model is necessary to calculate ER
taking account the geometry of the ear canal. Thus, the two needed approaches are described in Section 2.1
and 2.2. Lastly, Section 2.3 details the Monte Carlo simulation used in this work.

2.1 Lumped model of the middle ear
The lumped parameter model used here is based on the model proposed by Feng and Gan [5]. Our model
has four degrees of freedom (DOF) related to the normal displacement of the four presented masses, neglecting
the rotational movements. The masses represent the TM (m1), malleus (m2), incus (m3) and the stapes (m4).
The stiffness (ki) and dampers (ci) with index 2, 4 and 6 represent the connection of TM and malleus and
the incudomallear joint and incudostapedial joint, respectively. The stiffness and dampers with index 1, 3 and
5 represent the ligaments and tendons that hold the TM and ossicular chain in the middle ear cavity. Finally,
stiffness k7 and dampers c7 model the cochlear load over the stapes. Figure 1(a) shows the lumped parameter
model scheme.

ZME

Ear canal

Middle ear

m1 m2 m3 m4k
c

k1

2
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k5
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k7

1

c2 c4 c6
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a) b)

u =e
�j t

(0,t)

x0 l

Figure 1. (a) the lumped parameter mass-spring model of the middle ear and (b) the analytical model of ear
canal.

Assembling the matrices of mass [M], stiffness [K] and damping [C], the displacement of each DOF is obtained
through the solution of the equation of motion

[M]{ẍ}+ [C]{ẋ}+ [K]{x}= { f}, (4)

being {x}T = {x1,x2,x3,x4} the displacement vector of all the DOFs, {ẋ} and {ẍ} the time derivative of first
and second order, and { f} the excitation vector, defined as

{ f}T = {(ATMPTM) 0 0 0}, (5)
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being ATM the TM area defined as π(0.01/2)2 [m2]. Note that the excitation acts only at the TM defining zero
for the remaining DOFs. It should to be note that defining PTM, the quantities Hfp and ZME can be calculated
using VTM = i2π f x1 and Vfp = i2π f x4, being i =

√
−1.

To define the baseline lumped parameter model we fitted the mechanical parameters in order to match the Hfp
from our model to one experimental data of a cadaveric temporal bone. The experimental Hfp was measured in
a fresh temporal bone, whereas Vfp and PTM were measured using Laser Doppler Vibrometry and a microphone
with a probe tube. We carried out the experiment reproducing the procedure described by Aibara et al. [6].
Then, the resultant mechanical parameters fitting the theoretical-experimental Hfp are exposed in Table 1. The
comparison of theoretical-experimental Hfp is shown in Figure 2(a). Also, both theoretical-experimental results
are compared to the experimental mean ± standard deviation (StD) range over 11 samples experimented by
Aibara et al. [6].
Following the fitting process of Hfp, we then calculated ZME. The result is shown in Figure 2(b), being the
theoretical result compared to the mean ± StD range over 13 samples of cadaveric temporal bones experimented
by Voss et al. [7]. Our result falls in the StD range up to 1 [kHz], being above the experimental range between
1 [kHz] and 4 [kHz]. Note that although we display ZME up to 10 [kHz], Voss et al. [7] measured only up to
4 [kHz].

Table 1. Mechanical parameters of the baseline model.

Stiffness [kN/m] Mass [mg] Damping [mNs/m]
k1 = 0.2 m1 = 2,7 c1 = 105

k2 = 94.7 m2 = 35.3 c2 = 20
k3 = 0.96 m3 = 35.8 c3 = 120
k4 = 10 m4 = 4.4 c4 = 66
k5 = 0.2 - c5 = 30
k6 = 10 - c6 = 0.28

k7 = 1.16 - c7 = 124

2.2 Analytical model of ear canal
As shown in the previous section, Hfp and ZME can be calculated using the outcomes of the lumped parameter
model. However, to calculate the ER taking account the length of the ear canal, an acoustical model of the
ear canal is needed. Thus, we assumed the ear canal as an one dimension duct of constant cross section with
an impedance ZME at the end and a velocity condition at the entrance, as shown in Figure 1(b). The acoustic
pressure field in an one dimension duct can be described by

p(x, t) =
(
Aeikx +Be−ikx)ei2π f t (6)

being k the wave number given as 2π f/c0, c0 the sound velocity in air and A and B the complex constants
obtained from the boundary conditions. Then, the two needed boundary conditions are

p(l, t)
u(l, t)

= ZME (7)

u(0, t) = ei2π f t , (8)

being l the length of the ear canal. We assumed l = 32 [mm], c0 = 343 [m/s] and the air density ρ0 = 1.21
[kg/m3]. Note that the impedance ZME used as boundary condition is previously calculated with the lumped
parameter model described in Section 2.1. Finally, we calculate the reflection coefficient at the end of the ear
canal as RME = B/A and the ER using Equation 3. The computed ER is shown in Figure 2(c), where it is
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compared to the confidence interval (CI) of 80% measured by Shahnaz et al. [8] in healthy subjects. Our result
of ER is in the CI range in almost all frequency range, being slightly out around 2 [kHz].
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Figure 2. Magnitude of Hfp and ZME obtained from the lumped parameter model described in Section 2.1 and
Energy Reflectance obtained from analytical model of the ear canal described in Section 2.2. Model outcomes
are compared to the experimental mean ± StD from [6] in (a), [7] in (b) and [8] in (c).

Although our model provides a good results compared to the experimental references, some limitations of the
model should be pointed out. Firstly, it is assumed that the TM acts as a rigid body, what is not true as
observed by Cheng et al. [9]. Furthermore, the model is able to described only an one dimensional movement
of the middle ear, also called as “piston-like movement”, despite the ossicular chain presents a more complex
movement in high frequencies [7]. On the other hand, the analytical model of the ear canal does not represent
the ear canal curvature and variation of the cross section area.

2.3 Monte Carlo Simulation description
Monte Carlo simulation (MCS) is a probabilistic parametric method widely employed to analyze the statistical
response of structures with uncertainties [10]. The procedure consists in generating n pseudo-random samples
of the random variables of the system, with a given probability density functions (PDF). In what follows, the
deterministic models described in Section 2.1 and 2.2 are computed for each pseudo-random sample of the
ensemble, resulting in n outcomes. Finally, statistical analyzes can be made over the n results, computing the
first and second statistics moments, for example.
Due the lack of experimental data of the mechanical parameters of the middle ear, some assumption on the
statistical properties of them have been taken. We assumed all parameters described in Table 1 and the area of
the TM (ATM) as random variables with a gaussian PDF. The mean value of each parameter is the same used
in the baseline deterministic model. On the other hand, the StDs were defined as a percentage of the mean.
Initially, we assumed a StD of 20% of the mean for all random variables, excepted for the ATM, whereas a StD
of 12% was taken based on the De Greef et al. [1] observations.
In order to define a reasonable n number of pseudo-random samples, a convergence analysis was carried out.
The mean and StD of the first three natural frequencies of the lumped parameter model were calculated varying
the n number of samples. Figure 3 shows the convergence of the mean and StD of the first three natural
frequencies for 10 up to 3000 n samples, with a step sample of 10, resulting in 299 cases computed. In
addition, it is shown the mean of the means and StDs over the all computed cases. The convergence criteria
were defined as ±1% of the mean of the means and ±5% for the mean of the StDs. It was observed a safe
convergence for a number of samples n ≥ 1500, where the variation of the mean for each natural frequency
did not exceeded 1% of the overall mean of the means and 5% of the overall mean of the StDs.
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Figure 3. Convergence analysis of mean (upper panel) and standard deviation (lower panel) of the three first
modes over the number of samples used in the MCS.

3 RESULTS
3.1 Dispersion of the natural frequencies fn

To obtain the undamped natural frequencies of the system the following eigenvalue problem was solved

(λ [M]− [K])Ψ = 0, (9)

begin λ the eigenvalues and Ψ the eigenvectors of the system. The natural frequencies are then calculated as
fn =
√

λ/2π . Then, the Equation 9 was solved for the n samples in the MCS giving n outcomes of each natural
frequencies.
Figure 4 groups the results presenting the distribution of the first three natural frequencies of the system in
terms of histograms. The first three natural frequencies of the system present a distribution similar to gaussian
distribution. It is expected since the input parameters were statistically modeled by gaussian PDFs. For the
first mode, the mean over 1500 samples is 890 [Hz] with StD of 78 [Hz], what represents 8% of the mean.
On the other hand, for the second and third modes the StDs increased to 11% and 13% of the mean values,
respectively. The fourth mode falls out of the frequency range of interest, being the mean equal to 32 [kHz]
with a StD of almost 15% of the mean. These results suggest that the uncertainty of natural frequencies of the
human middle ear increases along the frequency.
At last, it should to be noted that the natural frequencies found here are related to the one dimensional move-
ment of ossicular chain, named in the literature as “piston-like movement”. Due to the ossicular chain complex-
ity, other resonances can be found in the in the same frequency range we analyzed. Homma et al. [11] observed
through a 3D Finite Element model the first mode close to 1 [kHz] (similar to our result), but the second mode
at 1.7 [kHz], not observed in our results.

3.2 Dispersion of the Hfp, ZME and ER
The measures computed with the deterministic model and exposed in Figure 2 were then computed using the
MCS. Figure 5 shows the results of Hfp, ZME and ER by means of minimum (min) and maximum (max) values
at each frequency and the mean ± StD. Also, these results are compared to experimental mean ± StD from
Aibara et al. [6], Voss et al. [7] and Shahnaz et al. [8].
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(a) Mode 1: µ=890 [Hz] and σ=78 [Hz]
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(b) Mode 2: µ=3755 [Hz] and σ=437 [Hz]
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(c) Mode 3: µ=8568 [Hz] and σ=1106 [Hz]

Figure 4. Histograms (with 40 bins each) of the first three natural frequencies of the system with n = 1500,
being µ the mean and σ the StD. These results consider a StD of 20% of the input parameters in the MCS.

In general, the max and min results have a range larger than the experimental mean ± StD reference for the
Hfp and ZME. However, the theoretical mean ± StD of Hfp is much smaller than the experimental reference.
On the other hand, the theoretical mean ± StD of the ZME is comparable to the experimental reference below
1 [kHz], but has diverged from the reference above this frequency. In addition, the theoretical statistical results
of the ER show the variation of the middle ear parameters has a minor influence on the ER dispersion.
Lastly, the experimental data of Hfp, ZME and ER come from different samples of temporal bones/subjects.
Therefore, it is not possible to conclude what is the greater dispersion among Hfp, ZME and ER based on those
experimental data.
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Figure 5. The dispersion of the |Hfp|, |ZME| and ER by means of max and min values ( ) and mean ±
StD ( ), being ( ) the experimental mean ± StD from [6] in (a), [7] in (b) and [8] in (c). These results
consider a StD of 20% of the input parameters and n = 1500 in the MCS.

Once the outcomes in terms of StD of our probabilistic model showed to be considerably smaller than the
experimental data, we increase the dispersion of the input parameters. Thus, the StD of the parameters which
compound [M], [C] and [K] were increased from 20% of the mean to 30%, 40% and 50%. Figure 6 shows the
mean ± StD of the |Hfp|, |ZME| and ER varying the StD of the input parameters in the MCS. The theoretical
results are once more compared to the experimental data from Aibara et al. [6], Voss et al. [7] and Shahnaz
et al. [8]. The increment of input parameters’ StD from 20% up to 50% made the dispersion range of |Hfp|

5431



similar to the experimental reference below 300 [Hz] and above 2 [kHz]. On the other hand, the range of mean
± StD of |ZME| diverged at high frequencies while the StD of input parameters increased. In the end, the ER
dispersion has not presented relevant increment above 500 [Hz] increasing the StD of the input parameters.
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Figure 6. Mean ± StD of the |Hfp|, |ZME| and ER varying the StD of the input parameters in the MCS, being
( ) StD of 50%, ( ) 40%, ( ) 30%, ( ) 20% and ( ) the experimental reference ([6] in (a), [7]
in (b) and [8] in (c)).

4 FINAL REMARKS AND FUTURE INVESTIGATIONS
In this work we develop a model of the human middle ear using a probabilistic approach for studying middle
ear uncertainties. A coupled lumped parameter and analytical model of the middle and outer ear was combined
to Monte Carlo simulation and four different measures were evaluated. As expected, the first three natural
frequencies of the middle ear are distributed with gaussian shape for gaussian ensembles of input parameters.
Moreover, the uncertainties of the natural frequencies increase with the mode order.
In Section 3.2 we showed the model did not reproduce the dispersion of Hfp, ZME and ER seen in the exper-
imental data assuming the StD of the input parameters as 20% of the mean with Gaussian distribution. Two
hypotheses can be stated: 1. the dispersion of the input parameters was underestimated; and 2. the chosen
Gaussian PDF can not be representative for one or more input parameter. The first hypothesis was tested here
rising different remarks for the three measures analyzed. For the Hfp, the increment of input parameters’ StD
made the model outcomes closer to the experimental data in low and high frequencies, but not around 1 [kHz].
On the other hand, the dispersion of ZME became higher than the experimental reference above 1 [kHz] for
a input parameters’ StD of 40% and 50%. In other words, the increase of the input parameters’ StD result
in a non proportional increase of the model output’s StD along the frequency. These result suggest the input
parameters should hold different StD in the MCS, once we assumed the StD percentage equal for the all input
parameters. Furthermore, the ER showed a low sensitiveness to the middle ear parameters variation. Also, ER
grater than 1 could be seen in some cases, what is not expected. At last, our probabilistic model was based in
a deterministic model fitted to one specific experimental result. This approach lead to a biased statistical result
once the shape of the dispersion is similar to the deterministic case responses.
Although our probabilistic model developed in this work to study middle ear uncertainties has presented some
limitations, it helped to rise some interesting questions for future investigations towards a better probabilistic
approach. Therefore, some topics are intended to be assessed in the next steps, such as: 1. to use other PDF
to model the distribution of the input parameters; 2. to determine the suitable StD of each input parameter
separately; 3. since the present probabilistic results seemed to be biased by the deterministic model, to base
the probabilistic model in more than one deterministic model; 4. to estimate experimentally the distribution of
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the natural frequencies; and 5. to develop a more realistic model of the ear canal considering its curvature and
dissipation in order to explain the values of ER grater than 1.
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ABSTRACT 
The entropy and vorticity disturbances generated in the combustion chamber of an aero-engine can be 
converted into pressure fluctuations while accelerated in the turbine stages: this phenomenon is known as 
Indirect Noise. The mean flow plays a significant role in this process and should be considered in the 
modeling. As a first step, the present paper focus on modeling the interaction of entropy and acoustic waves 
in a nozzle. First, the mean flow inside the nozzle is estimated by means of a steady-state CFD simulation. 
Second, the wave propagation including the mean flow effects is computed by means of a high-order adaptive 
Discontinuous Galerkin (DG) scheme in time domain solving the linearized Euler equations (LEE). This 
scheme is chosen due to its ability to accurately represent the phenomena involved and its high parallel 
scalability. The studied cases consist of a convergent/divergent nozzle configuration where entropy waves 
are injected upstream by means of strong heat pulses. Three representative flow conditions with different 
mass flow rates are considered. Finally, the numerical solutions are compared with available experimental 
data and analytical models showing good agreement. 
 
Keywords: Sound, Combustion Noise, Indirect Noise 

1. INTRODUCTION 
Combustion noise in aero-engines can be decomposed into direct combustion noise and indirect 

combustion noise. The strong unsteadiness of the combustion chamber itself is responsible for the 
direct combustion noise, whose acoustic waves traverse the turbine stages. Indirect combustion noise 
is caused by the generation of acoustic waves within the turbine stages when temperature 
inhomogeneities (associated with entropy spots) are accelerated through those stages.  

Assuming a quasi-one-dimensional nozzle, Marble & Candle [1] derived wave transfer functions 
linking entropy and acoustic waves for both subsonic and chocked nozzles. Their model has been well 
demonstrated for compact cases, i.e. when one considers the axial length of the nozzle to be small 
compared to the wavelength of the acoustic or entropy perturbations limiting the results to low 
frequencies. In the same manner, the Cumpsty & Marble model [2] applies the actuator disk theory to 
mimic the acoustic behavior of turbine stages taking into account also the azimuthal modes, as well 
as the mean flow deviation with respect to the axis. These two above mentioned models constitute a 
computationally inexpensive modeling technique to assess the indirect combustion noise in a nozzle 
using the compact assumption.  

Full numerical simulations of the Linearized Euler Equations (LEE) offer an alternative to model 
the combustion noise through the turbine stages. The LEE allow evaluating the propagation of any 
kind of small perturbations (acoustic or not) within a given mean flow assuming isentropic and 
inviscid conditions. Actran DGM (from the commercial software FFT) solves the LEE in the time 
domain using a quadrature-free Runge-Kutta discontinuous Galerkin method (RK-DGM) [3]. It is 
implemented for unstructured grids in 2D, 2D axisymmetric and 3D and employs a fourth order 
Runge-Kutta temporal scheme and supports variable order of the elements (p-adaptivity). 

In the present work, we aim at assessing the mentioned modeling techniques for indirect noise 
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through the experimental Entropy Wave Generator (EWG) from the DLR [4,5], which has been 
simulated by many groups. Section 2 describes the modeling technique approaches, with one 
subsection dedicated to the Marble & Candel model with the compact assumption and the second 
subsection dedicated to the LEE model in Actran DGM. A description of the EWG experimental setup 
is presented in section 3. Numerical and experimental data are analyzed in section 4 and conclusions 
are finally discussed in section 5.  

2. INDIRECT COMBUSTION NOISE 

2.1 The compact model 
As wavelengths of the disturbances considered here are much larger than the axial length of the 

nozzle, acoustic and entropy waves propagate quasi-steadily through the flow. Based on first 
principles conservation laws (for the mass flow rate, the total temperature and the entropy), matching 
conditions are imposed between the region upstream of the nozzle and the region downstream of the 
nozzle. Marble & Candel [1] derived expressions for the up- and downstream propagating acoustic 
pressure perturbations (traveling from the inlet to the outlet or conversely and indicated by the 
superscripts “+” and “-”, respectively) generated by both impinging entropy disturbances and 
impinging acoustic pressure waves. The responses to acoustic wave and entropy disturbances when 
considering a subsonic flow, are presented in Table 1.  
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Table 1. Compact acoustic and entropy transfer functions in a subsonic nozzle 

The acoustic processes in a choked nozzle differ since the acoustic waves in the supersonic 
divergent cannot propagate to the convergent. For such supercritical nozzle, Marble & Candel [1] 
derived expressions of the transfer functions as shown in Table 2. A configuration in which a normal 
shock is located downstream of the nozzle, as illustrated in Figure 1, had also been considered in their 
original model. 
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Table 2. Compact acoustic and entropy transfer functions in a choked nozzle  

 

Figure 1. Supersonic nozzle with a normal shock downstream  

2.2 The LEE model in Actran DGM 
Actran DGM solves the LEE in the time domain by means of a Discontinuous Galerkin Methods. 

As the LEE are derived from the compressible Navier-Stokes equations, the LEE isentropic set of 
equations is made of five partial differential equations. The isentropic equations propagate not only 
the acoustic fluctuations (the upstream propagating acoustic mode characterized by the propagation 
speed v0-c and the downstream propagating acoustic mode characterized by the propagating speed 
v0+c), but also two vortical modes and one entropy mode (characterized by the propagating speed v0). 
The system of equations supports the acoustic propagation in supersonic mean flows and can be solved 
for the acoustic propagation through a shock.  

The element boundary integrals in the DGM scheme are computed by considering the solution in 
the two adjacent elements. The scheme is designed to enforce a stable solution during the propagation 
of waves from one element to the other. For free field propagation, a non-reflecting boundary enforces 
that all the incoming modes are set to zero, the outgoing modes being free to leave the domain. At the 
inlet, a Thompson condition has been introduced to avoid this reflective character of the traditional 
boundary conditions. For our case of interest, the incoming entropy wave is simulated with an applied 
density perturbation at the boundary, while the pressure and velocity fluctuations are set to zero.   

3. Experimental configuration 
 
The Entropy Wave Generator (EWG) is a nozzle with the capability of inducing entropy waves via 

a heating module [5]. The experimental setup is shown in Figure 2 while the nozzle itself is sketched 
in Figure 3. In order to create an entropy wave, a temperature pulse is generated through a heat 
generator. The temperature pulse is a step with a duration of 100 ms, which occurs every second.    
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Figure 2. Sketch of the Entropy Wave Generator (EWG) 

 

 
Figure 3. Sketch of the convergent-divergent nozzle 

Three representative flow conditions with different mass flow rates are considered. The flow is 
either supersonic (EWG1), subsonic (EWG2), or almost supersonic (EWG3). These flow conditions 
had already been used for the European project RECORD [6] and are summarized in Table 3. All data 
come from measurements except for the Mach numbers upstream and downstream of the nozzle and 
the Mach number before shock that come a 1D flow code (which had been developed in the framework 
of the RECORD project). 

 

Table 3. Experimental flow conditions of the EWG 

4. Aeroacoustic simulations 

4.1 Numerical model 
In Actran DGM, Euler’s equations are linearized around a stationary mean flow. Therefore, in order 

to steer the LEE model, a simulation of the nozzle has been performed with the CFD software 
OpenFOAM. The boundary layer is not modelled (wall slip boundary conditions at the nozzle walls) 
and the density-based version of the solver has been considered without any turbulence model. An 
axi-symmetric mesh with 32 000 cells has been built with the ANSA software. Details regarding the 
boundary conditions for the supersonic case (EWG1) are shown in Figure 4. 

Test 
case 

Mass 
flow 
rate 

[kg/h] 

Pressure setting 
chamber against 
ambient pressure 

[kPa] 

Pressure nozzle 
throat against 

ambient pressure 
[kPa]  

Mach 
number 

upstream 
the nozzle 

Mach 
number 

downstream 
the nozzle 

Mach 
number at 

nozzle 
throat 

Mach 
number 
before 
shock 

EWG 1 42 11.17 -52.71 0.029 0.023 1.0 1.59 

EWG 2 37 4.34 -32.65 0.027 0.019 0.71 - 

EWG 3 40 7.34 -45.49 0.028 0.020 0.87 - 
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Figure 4. CFD boundary conditions  

As shown in Figure 5, the Actran DGM model uses a similar domain as the CFD domain, but 
evidently with different types of boundary conditions. The excitation is injected in the model through 
a Thompson boundary condition, while the semi-infinite duct is modelled with a buffer zone and a 
non-reflecting boundary condition. An acoustic mesh has been built for the LEE model, comprising 
about 9000 elements, capturing not only the acoustics at 200 Hz, but also the geometrical features of 
the nozzle.     

 

 
Figure 5. Components and boundary conditions of the Actran DGM model 

For the simulations performed with the compact model, the nozzle domain is simply bypassed 
through a transfer admittance and with non-reflecting boundary conditions at the inlet and outlet. At 
the inlet, the entropy signal is evaluated with the expression given in equation (1), while the density 
signal is evaluated with the expression given in equation (2) in the Thompson boundary condition of 
Actran DGM.  

𝑠 = ∗ 𝑇′                           (1) 

𝜌 = − ∗ 𝑠 = − ∗ 𝑇′                               (2) 

 
Looking at Figure 6, one can see that the experimental temperature signal includes notable noise. 

Instead, an equivalent analytical signal has been considered in this study, whose expressions are given 
in equations (3)-(4)-(5). The numerical values of tmin, tmax, τmin, and τmax have been obtained by a least 
square fit from the original experimental signal. The differences between the experimental and 
analytical signal are the strongest at high frequencies, as shown in Figure 6.  

 
𝑇(𝑡) = 0 𝑖𝑓 𝑡 < 𝑡                                (3) 

𝑇(𝑡) = 𝐴 ∙ 1 − 𝑒  𝑖𝑓 𝑡 < 𝑡 < 𝑡             (4) 

𝑇(𝑡) = 𝐴 ∙ 𝑒  𝑖𝑓 𝑡 < 𝑡                (5) 
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Figure 6. Experimental vs analytical temperature signal in the time (left) and frequency (right) domains 

It has been observed that Kelvin-Helmholtz instabilities occur in the Actran DGM model at low 
frequencies and in the presence of high velocity gradients in the divergent section. These instabilities 
prevent the computation convergence, and so decrease the results accuracy. To avoid this, the flow 
variations in the radial direction have been removed to keep only the flow variations in the axial 
direction, as illustrated in Figure 7 for the test case EWG1. By considering an equivalent 1D flow 
(with a solver that had been developed in the framework of the RECORD project), the hydro-dynamic 
instabilities are strongly reduced and allows the computation to converge at very low frequencies. 
This simplification does not reduce the accuracy of the acoustic simulations with Actran DGM.  

 

 
Figure 7.Original mean velocity flow from axi-symmetric model (left) vs equivalent 1D velocity flow (right)  

4.2 Numerical results 
In this section a comparison of the EWG data with numerical results obtained with the compact 

model and the LEE model is presented. For brevity purposes, we will show results only for microphone 
1 and 4 (see Figure 2) even though, from the test case description with the anechoic boundary 
conditions, the results should not differ in between those microphones. We start considering the first 
test case, EWG1, in which a shock occurs in the downstream section of the nozzle. In the compact 
model, the Mach numbers upstream and downstream of the nozzle, as well as the Mach number before 
the shock are considered as inputs (see Table 3).    

We observe differences in the experimental results at higher frequencies in between microphone 1 
and 4 that may indicate some type of reflections at the exit. As shown in Figure 8, the comparison in 
between the compact and LEE model shows a very good match and, globally, there is also a good 
agreement with the experimental results. 

For the EWG2 test case, the flow remains subsonic through the nozzle, with a maximum Mach 
number of 0.71 at the throat. For this test case and using the compact model of Marble and Candel 
[1], only the Mach values at the inlet and outlet of the nozzle should in principle be taken into account. 
Nevertheless, the model does barely transform entropy into acoustics when both Mach numbers values 
are comparable. As proposed by Bake et al. [4], the model has been distinctly split into an upstream 
nozzle and a downstream diffuser considering the Mach number at the throat as extra input. The 
impinging entropy disturbances enter the nozzle generating acoustic disturbances, and those acoustic 
disturbances are solely transmitted in the diffuser (as for the supersonic cases when acoustic 
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perturbations from the diffuser cannot propagate back to the nozzle). Some questions remain over the 
validity of this model and other authors have proposed alternatives (see Duran & Moreau [7] for 
example). 
 

 
Figure 8. Acoustic pressure spectrum at microphones 1 and 4 (EWG1)  

The DGM method had convergence issues for microphone 1 at low frequencies, therefore the 
results below 45 Hz are not presented. Apart from this, the overall agreement in between the proposed 
models and the experimental results is quite good, as shown in Figure 9.  

 

 
Figure 9. Acoustic pressure spectrum at microphones 1 and 4 (EWG2) 

For the EWG3 test case, the flow becomes almost sonic at the throat (M = 0.88 on the axis). The 
same methodology as for the EWG2 test case has been applied in the numerical model. For this test 
case, the DGM method had convergence issues for microphone 1 at low frequencies, therefore the 
results below 65 Hz are not presented. As for the other test cases, the overall agreement in between 
the proposed models and the experimental results is quite good (see Figure 10). 

 

 
Figure 10. Acoustic pressure spectrum at microphones 1 and 4 (EWG3) 
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5. Conclusions 
This study focused on the application of the compact model from Marble and Candel [1] and a LEE 

model from Actran DGM to the EWG test case, which is a convergent-divergent nozzle.  
Three representative flow conditions have been considered and have been computed with 

OpenFOAM using an axi-symmetric model: 
 EWG1: Supersonic flow at the nozzle throat followed by a shock in the diffuser  
 EWG2: Subsonic flow at the nozzle throat  
 EWG3: Almost sonic flow at the nozzle throat  

Few assumptions have been made in the numerical set-up. A clean equivalent analytical signal has 
been considered as input for the entropy disturbances and the radial variations of the CFD results 
feeding the LEE model have been suppressed. Also, the Marble and Candel model has been adapted 
for subsonic cases with distinct treatment for the upstream nozzle and the diffuser. Comparison of the 
EWG data with numerical results have been presented and show a good agreement between the 
implemented models and the experimental data. As expected, the Cumpsty and Marble model [2] 
produces exactly the same results as the Marble and Candel model for this test case. 

Future work will focus on the validation of the numerical models with realistic turbine cases (see 
for example [8],[9]). The LEE model from Actran DGM should turn out to be more accurate for those 
industrial test cases as less restrictions with respect to the compact model are applied.  
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Abstract
We present computations of the air flow near the neck of a Helmholtz resonator which is located in a time-
harmonic sound field. Of particular interest are sound frequencies near the resonance frequency of the res-
onator, where the flow speed is maximal. Besides BEM and FEM calculations for the resulting boundary value
problem for the Helmholtz equation we have performed also fluid dynamical FEM computations based on the
Navier-Stokes equations and the Bernoulli equation, respectively. In the fluid dynamical case, small amplitudes
of the initial values cause only weak nonlinear effects. Thus, if such small initial values are taken from the
corresponding solution of the Helmholtz equation, this time-harmonic solution should be similar to the fluid
dynamical solutions. This can be used to validate the fluid dynamical solutions. Basically we are interested in
excitations of the Helmholtz resonator with greater amplitudes and the resulting different behaviour between the
inflow and the outflow at the resonator neck.
Keywords: Helmholtz resonators, Air flow, Computational fluid dynamics

1 INTRODUCTION
This paper describes the present state of mathematical modelling within a project which aims at the development
of cooling devices based on tiny Helmholtz resonators. These resonators shall be excited by ultrasound with a
frequency near their resonance frequency. For great amplitude of the irradiating ultrasound wave each resonator
produces a directed flow of air starting at its neck.
For the adequate computation of the air flow caused by a resonator that at its resonance frequency is excited
with great amplitude, linear wave acoustics is no longer sufficient. Therefore fluid dynamical computations
based on the Navier-Stokes equations and the Bernoulli equation, respectively, have been performed. The fluid
dynamical solutions have been verified by comparing them with corresponding solutions obtained by solving
the Helmholtz equation in the case that the amplitude of the exciting wave is small. This is also a nice
illustration of the adequateness of the linear theory for small wave amplitudes. The examination of the air
flow for great amplitudes together with suitable extensions of the mathematical model is planned for the future.
All calculations presented here have been done with the software “COMSOL Multiphysics” [1, 2]. The fluid
dynamical computations have all been done by the FEM method. The Helmholtz equation has also been solved
by the FEM method but, for checking purposes, additionally by the boundary element method (BEM).
In practice, the cavities of the resonators are placed inside a metal plate with a plane surface [3]. Thus, in the
mathematical simulations the resonator is treated together with a plane, see Figures 1 and 2.
The presence as well as the position of the plane affects the resonance frequency. Compared to a resonator in
free space, the insertion of a plane also reduces the effort of a FEM computation since besides the resonator
only the space above the plane has to be meshed.
As irradiating wave we have taken a plane wave. By using the symmetry of the problem, the computational
cost could be lowered further by considering just the half configuration. This is indicated in Figure 1.
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Figure 1. Resonator with a plane which separates the resonator’s cavity and neck. A FEM mesh is also shown.
By symmetry property it suffices to consider only one half of the configuration.

Figure 2. Resonator with a plane at the top of the resonator neck. Here a BEM mesh is shown.

2 COMPUTATIONAL ISSUES
In contrast to resonance frequencies for totally enclosed domains which are defined by eigenvalues, there is
no exact definition for the resonance frequency of a Helmholtz resonator. For determining the resonance fre-
quency, for incident waves of the same amplitude but different frequency we have computed the corresponding
wavefields due to scattering at the resonator by solving the Helmholtz equation. Then for each such wavefield
we have considered the root mean square of the normal velocity, taken over a circular disk above the resonator
neck and one period of oscillation (cf. Figure 3). As resonance frequency we have taken the frequency at which
this root mean square had attained its maximum peak. Regarding the computation of the root mean square we
want to note that, because of the time harmonicity, the integral over one period of oscillation simply is given
by half of the period times the square of the absolute value of the complex normal velocity. This expression
has yet to be integrated over the disk.

Figure 3. The resonance frequency is computed by considering the air flow through a circular disk (red).

Now we specify the fluid dynamical equations which have been solved. In what follows, u = u(x, t) denotes
the flow velocity of the air, ρ = ρ(x, t) its density, p = p(x, t) its pressure and γ ≈ 1.4 its adiabatic index (ratio
of specific heats). µ is the dynamic viscosity of the air; at 293.15 K one has µ ≈ 1.814e-5 Pas. The dynamic
viscosity has been neglected in the validation process. Regarding the volume viscosity, we assume throughout
that this quantity vanishes.
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The Navier-Stokes equations used by us are the equations (written in vector form)

ρ
∂u
∂ t

+ρ (Du)u+grad p = µ ∆u+
µ

3
graddivu . (1)

Here Du denotes the Jacobian matrix of u (with respect to x).
The Navier-Stokes equations are solved together with the continuity equation

∂ρ

∂ t
+div(ρ u) = 0 (2)

and the adiabatic equation of state

p = pre f

(
ρ

ρre f

)γ

. (3)

Here pre f and ρre f are reference values for the pressure and the density, e.g. pressure and density of the air
when there is no flow (and thus no sound) at all ( pre f ≈ 101325 Pa and ρre f ≈ 1.2043 kg/m3 ).
If the flow u is irrotational, i.e. curlu = 0, then u can be represented by a velocity potential φ in the form
u = gradφ . If the flow is irrotational and there is no viscosity, i.e. µ = 0, then from Equations (1) and (3) one
obtains the Bernoulli equation

∂φ

∂ t
+

1
2
|gradφ |2 + γ

γ−1
pre f

ρ

(
ρ

ρre f

)γ

= a ; (4)

here the right-hand side a is a function of only the time variable: a = a(t).
Namely, since the right-hand side of Equation (4) does not depend on the variable x, the gradient of the left-
hand side of Equation (4) is equal to zero. So, after multiplying this gradient by ρ , with Equation (3) one just
obtains the Navier-Stokes equations (1).
The Bernoulli equation has to be solved together with the continuity equation (2), where u = gradφ .
By adding an appropriate function of only t to the velocity potential φ , one sees that the right-hand side a of
the Bernoulli equation can be chosen as an arbitrary function of t; especially a can be a constant or equal to
zero.
Vice versa, if one starts with Equations (4) and (2), none of which includes the pressure p, and deduces the
Navier-Stokes equations (1) (with µ = 0) together with Equations (2) and (3), the pressure p takes on the
general form

p(x, t) = pre f

(
ρ(x, t)
ρre f

)γ

+ b(t) . (5)

The physical pressure, which fulfills the equation of state, then is obtained by setting the function b equal to
zero.
Regarding the boundary conditions for the fluid dynamical equations, throughout we assume that at all walls the
flux is purely tangential: u ·n = 0 for a unit normal vector n. In the case of wave acoustics this corresponds to
sound hard walls. In the case of the Navier-Stokes equations with non-vanishing viscosity µ > 0 the Equations
(1) are of the second order and thus an additional condition is required. Here besides u · n = 0 we take the
Navier boundary condition Sn− (Sn ·n)n = 0 with the viscous stress tensor S,

S = µ

(
Du+(Du)T

)
− 2

3
µ (divu)I . (6)

Here I denotes the 3×3 identity matrix.
We have computed the air flow under the assumption that the resonator together with the plane is located in
the free space and irradiated by a plane wave. For the FEM computations, a sphere around the resonator has
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been taken and the resonator and the part of the sphere above the plane have been meshed. For reasons of
symmetry it sufficed to consider only one half of the configuration, here the direction of the incident plane
wave is parallel to the cut surface. In the case of the Helmholtz equation, for the boundary of the sphere in
COMSOL there has been chosen a boundary condition which corresponds to an outgoing wave, that is, which
simulates the Sommerfeld radiation condition; see Figure 4.

Figure 4. Boundary part of the sphere (blue) on which the Sommerfeld radiation condition is simulated.

For the fluid dynamical calculations, in COMSOL there is no such outgoing wave condition. Here we have
taken the boundary condition u ·n = 0 also for the boundary of the sphere, for µ > 0 in addition we have con-
sidered the Navier boundary condition given above. Thus, for computing the air flow up to a certain instant of
time, the sphere had to be taken sufficiently large. We have made the sphere so large that no sound originating
from the boundary of the sphere could have arrived near the resonator during the time period for which the
flow has been calculated.
All of the FEM computations presented here have been performed by using quadratic basis functions. The
process of solving the Navier-Stokes equations has been stabilized by the method “streamline diffusion”. The
time stepping for the Bernoulli equation and the Navier-Stokes equations has been done with the BDF method
(backward differentiation formula). Here we have used the maximum order 2, since with high-order BDF
methods the pressure is not computed accurately.

3 VALIDATION OF THE FLUID DYNAMICAL SOLUTIONS
For the purpose of checking the fluid dynamical solutions we have neglected the viscosity of the air, i.e. for
the Navier-Stokes equations (1) we have assumed that µ = 0.
As initial values for the Navier-Stokes equations and the Bernoulli equation we have taken values obtained
by solving the corresponding boundary value problem for the Helmholtz equation. We illustrate this by the
following example.
Example: Initial values for the velocity potential φ for the Bernoulli equation:

Re
(

e
4
20 ·2iπ i

ωρ0
p(x)

)
. (7)

Here Re denotes the real part of the subsequent expression, i the imaginary unit, ω the angular frequency of
the exciting wave, ρ0 ≈ 1.2043 kg/m3 the density of air at rest and p the complex sound pressure obtained by
solving the Helmholtz equation. The expression given in (7) is the wave acoustical velocity potential after 4/20
oscillations.
If the amplitude of the exciting wave is small, then the nonlinearities of the fluid dynamical equations (Equa-
tions (1), (2) and (3) on the one hand and Equations (4) and (2) on the other) cause only weak effects. In
this case the exact fluid dynamical and wave acoustical solutions are nearly the same. Therefore, if one has a
reliable wave acoustical solution, the quality of the fluid dynamical solutions can be assessed by comparison.
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The resonator which we have considered is that from the Figures 1 and 3. It has been considered together with
a plane at the bottom of its neck (cf. Figure 1). The resonator’s cavity is a cylinder of height 3 mm and radius
3.4 mm. The neck is a cylinder of height 0.3 mm and radius 0.5 mm and is placed centrally on the cavity.
We have plotted the values of our solutions on a line segment above the resonator neck, cf. Figure 5.

Figure 5. Line segment (red) on which the solutions are considered.

The line segment is of the length 2 cm and lies parallel to the plane. Its midpoint is exactly above the midpoint
of the top of the neck, the distance between these midpoints is 1 mm.
The amplitude of the irradiating plane wave is 1 Pa and its frequency is 4700 Hz, this is near the resonance
frequency of the configuration. The wave is incident perpendicular to the plane from above. Although this
axially symmetric case can be treated by calculations in only two space dimensions, the following results have
been obtained by three-dimensional computations which also can be used for other angles of incidence.
In our setting the plane between the resonator’s cavity and its neck lies parallel to the x-y-plane and the neck
raises towards increasing values of the z-coordinate (cf. Figure 4). The Figures 6 to 8 show the third component
uz of the air flow u, i.e. the part of the flow perpendicular to the plane.
The starting time for the fluid dynamical calculations has been chosen as t = 0. The corresponding initial values
have been computed by solving the Helmholtz equation, where the exponential factor in Equation (7) has been
chosen such that the air is streaming into the resonator. Figure 6 shows the third component of u on the line
segment above the resonator neck at t = 0.

Figure 6. Velocity component uz at time t = 0, obtained by the use of the Helmholtz equation.
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The Figures 7 and 8 show the velocity component uz for t = 0 and half an oscillation later, obtained by the
use of the Bernoulli equation and the Navier-Stokes equations, respectively. The change of sign of the time-
harmonic solution obtained by solving the Helmholtz equation is well reproduced here.

Figure 7. Velocity component uz at time t = 0 (blue) and half an oscillation later (green), obtained by the use
of the Bernoulli equation.

Figure 8. Velocity component uz at time t = 0 (blue) and half an oscillation later (green), obtained by the use
of the Navier-Stokes equations.

4 SOME FURTHER RESULTS
Supplemental to the results in the foregoing section, Figure 9 shows the analogue of Figure 8 for the case that
the viscosity of the air has been incorporated.
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Figure 9. Velocity component uz at time t = 0 (blue) and half an oscillation later (green), obtained by the use
of the Navier-Stokes equations taking account of the viscosity of the air.

We yet show the flow through the resonator neck for an excitation with great amplitude, computed by using
the Bernoulli equation. The resonator is the same as above but now the plane is placed at the top of the neck
(analogous to the configuration shown in Figure 2). Again the exciting wave is incident perpendicular to the
plane from above. Its amplitude is 42 Pa and its frequency 4500 Hz; this is near the resonance frequency,
which has changed by changing the position of the plane. Contrary to the calculations presented in Section 3,
the axially symmetric problem now has been solved by a two-dimensional computation. Figure 10 shows the
velocity field and the pressure at a moment of the outflow phase and Figure 11 shows the corresponding values
at a later moment of this phase. At this later moment the velocity is maximal. In accordance with Bernoulli’s
principle, at the later moment the pressure is smaller than at the first moment.

Figure 10. Velocity vectors and pressure (coloured) of the air at a moment of the outflow phase.
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Figure 11. At this later moment of the outflow phase the velocity is maximal. With respect to the situation
shown in Figure 10 the pressure has decreased. This demonstrates Bernoulli’s principle.

5 SUMMARY
We have considered the air flow near the neck of a Helmholtz resonator that is excited by a time-harmonic
sound field with a frequency near the resonance frequency of the resonator. For practical reasons the resonator
has been supplemented with a plane above its cavity. We have computed the air flow in the context of linear
wave acoustics by solving the Helmholtz equation as well as in the context of nonlinear fluid dynamics by
using the Navier-Stokes equations and the Bernoulli equation, respectively. When the viscosity of the air was
neglected then for small amplitudes of the irradiating sound wave the wave acoustical and fluid dynamical
solutions were found to be practically identical. This shows that the fluid dynamical implementations for the
problem are working well. In the future we want to examine the air flow for great amplitudes of the incident
wave and find suitable extensions of our mathematical model which allow the modelling of a directed stream
of air starting at the resonator neck.
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Abstract
In this work, we apply the time-explicit nodal discontinuous Galerkin (dG) method to study wave propagation
in coupled linear elastic and acoustic media. The velocity-strain formulation is used for the structural part of the
system, and the velocity-pressure formulation, for the acoustic part. The interface boundary conditions between
the structural and acoustic domains are treated by imposing the proper upwind fluxes. The method is validated
by comparison to the results obtained for the second order time-implicit finite element (FEM) formulation.
Keywords: Discontinuous Galerkin, Time-explicit, Acoustic-structure interaction

1 INTRODUCTION
The time-explicit nodal discontinuous Galerkin method has gained a good reputation as a numerical approach
to solving first-order hyperbolic problems for its high accuracy and low memory consumption, great scalability
on clusters, and ability to operate on unstructured as well as nonconforming meshes. The method has been
proven to be efficient for simulation of transient acoustic phenomena in acoustically large computation domains.
Application areas include ultrasound transducers, nondestructive testing, geophysics, etc.
We apply the velocity-strain and the velocity-pressure formulation to the elastic and acoustic problems, re-
spectively. In the three-dimensional space, this results in nine and four coupled hyperbolic equations for the
structural and the acoustic part. Even though the number of unknowns is higher compared to that used in the
second-order time-implicit FEM formulation, the time-explicit dG method becomes more effective and in some
cases the only applicable approach to large transient coupled acoustic-structure problems. The consistent and
accurate multiphysics coupling between the acoustic and structure is ensured through the proper upwind flux
across the interfaces between the elastic/elastic, elastic/acoustic, and acoustic/acoustic domains [1, 2].
The proposed approach is validated by comparison with results obtained for the second-order time-implicit FEM
formulation of the acoustic-structure systems. The effectiveness of the time-explicit dG scheme is demonstrated
by its application to large-scale wave propagation problems in coupled acoustic-elastic media.

2 ACOUSTIC WAVES IN SOLIDS AND FLUIDS
2.1 Governing equations
Let Ωe ⊂ R3 be a domain occupied by a linear elastic material with the density ρ and the fourth order tensor
of elasticity [C]. Assuming infinitesimal deformations, the mechanical displacement field, uuum, the strain tensor,
[E], and the Cauchy stress tensor, [S], are related to each other as follows1

[E(xxx, t)] =
1
2

[
∇uuum (xxx, t)+(∇uuum (xxx, t))T

]
, (1)

[S(xxx, t)] = [C(xxx)] : [E(xxx, t)]. (2)

1Further on, the arguments are only used if necessary.
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Eqs. (1), (2) can be rewritten in the vector-matrix form according to Voigt notation

SSS = [C]EEE = [C]Buuu (3)

with

SSS =
(
sxx syy szz syz sxz sxy

)T
,

EEE =
(
exx eyy ezz 2eyz 2exz 2exy

)T
,

B =


∂

∂x 0 0 0 ∂

∂ z
∂

∂y
0 ∂

∂y 0 ∂

∂ z 0 ∂

∂x
0 0 ∂

∂ z
∂

∂y
∂

∂x 0


T

,

and [C] is the 6×6 symmetric stiffness tensor.
The equations of linear elasticity written as the first order hyperbolic system in Ωe read

ρ
∂vvv
∂ t
−BT SSS = fff , (4)

∂EEE
∂ t
−Bvvv = 000, (5)

where vvv = ∂uuum/∂ t is the structural velocity and fff is the external volume force density.
Let Ωa ⊂ R3 be a domain occupied by an acoustic fluid with the density ρa and the speed of sound c. Here, vvv
becomes the acoustic particle velocity, uuu, and the stress tensor reduces to the scalar acoustic pressure, p, which
results in the following stress-strain relation equivalent to Eq. (2)

− p = ρac2 tr([E])
3

. (6)

Substituting Eq. (6) into Eqs. (4), (5) yields the first order hyperbolic system of acoustic equations in Ωa

ρa
∂uuu
∂ t

+∇p = fff , (7)

1
ρac2

∂ p
∂ t

+∇ ·uuu = 000. (8)

Eqs. (4), (5) and Eqs. (7), (8) are respectively supplemented by the initial conditions

vvv(xxx,0) = vvv0 (xxx) , EEE (xxx,0) = EEE0 (xxx) ,

uuu(xxx,0) = uuu0 (xxx) , p(xxx,0) = p0 (xxx) .

Moreover, the interface boundary conditions apply the continuity constraints upon the boundaries between the
elastic and acoustic subdomains as follows

SSS−n = SSS+n , vvv− = vvv+ on Γ = Ω
−
e ∩Ω

+
e , (9)

p−nnn = p+nnn, u−n = u+n on Γ = Ω
−
a ∩Ω

+
a , (10)

SSSn =−pnnn, vn = un on Γ = Ωe∩Ωa. (11)

2.2 Weak form and discontinuous Galerkin method
Both Eqs. (4), (5) and Eqs. (7), (8) correspond to a hyperbolic system of conservation law that can be written
as follows

Q
∂qqq
∂ t

+∇ ·ΓΓΓ(qqq) = fff . (12)
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Let Ω'Ωh =
⋃

k Dk, and let qqq′ (xxx) be a locally defined test function on Dk. Then the locally defined weak and
strong formulations of Eq. (12) read [3]∫

Dk

(
Q

∂qqq
∂ t
·qqq′−ΓΓΓ(qqq) ·∇qqq′

)
dxxx+

∫
∂Dk

(nnn ·ΓΓΓ∗ (qqq)) ·qqq′ dxxx =
∫

Dk
fff ·qqq′ dxxx (13)

and ∫
Dk

(
Q

∂qqq
∂ t
·qqq′+(∇ ·ΓΓΓ(qqq)) ·qqq′

)
dxxx+

∫
∂Dk

(nnn · (ΓΓΓ∗ (qqq)−ΓΓΓ(qqq))) ·qqq′ dxxx =
∫

Dk
fff ·qqq′ dxxx, (14)

respectively, with ΓΓΓ
∗ being the numerical flux across ∂Dk.

The choice of the numerical flux depends on the problem at hand. In general, the numerical flux along the
normal nnn can be expressed as

nnn ·ΓΓΓ∗ (qqq) = nnn · {ΓΓΓ∗ (qqq)}+F
(
qqq−,qqq+

)
,

where {ξ}= 1/2 (ξ
−+ξ+) is the average operator and F defines the flux type [3]. The central flux is obtained

choosing F = 0 and the Lax-Friedrichs flux is given by

F =
C
2
[Qqqq] =

C
2
(
Q−qqq−−Q+qqq+

)
, C = max

qqq
Λ

(
Q−1 ∂ΓΓΓ

∂qqq

)
. (15)

The definition of C given by Eq. (15) yields that it corresponds to the (quasi) pressure wave velocity.
Both the central and Lax-Friedrichs fluxes are suitable for the system of acoustic equations. For the equations
of linear elasticity, Ye et al. [4] suggest a hybrid flux that acts as the central flux along the normal direction and
as Lax-Friedrichs along the tangential direction. Thus the hybrid flux treats the normal and tangential conditions
across the interface separately ensuring that no restrictions are applied to the shear stress.

2.3 Upwind numerical flux
Both the central and Lax-Friedrichs fluxes become inapplicable if the material parameters jump across the in-
terface, because the proper upwind numerical flux is not obtained. However, it is obtained from the solution of
the Riemann problem across the interface [5].
The linearized form of Eq. (12) reads

Q
∂qqq
∂ t

+Ax
∂qqq
∂x

+Ay
∂qqq
∂y

+Az
∂qqq
∂ z

= fff . (16)

Let the material properties in the inward and the outward directions of the normal vector nnn be denoted by the
symbols “−” and “+”, respectively. Then the Riemann problem across the interface is to find a solution to
Eq. (16) satisfying the initial condition [1]

qqq0 (xxx) =

{
qqq− (xxx) , nnn · xxx < 0,
qqq+ (xxx) , nnn · xxx > 0.

Let A = nxAx + nyAy + nzAz, then the numerical flux in the normal direction reads Aqqq. The characteristics of
hyperbolic system are given by the spectral properties of the matrix Q−1A, that is, by its spectral decomposition

Q−1A = RΛΛΛR−1. (17)

where the columns of R denote the eigenvectors corresponding to the eigenvalues, which in case of a general
anisotropic linear elastic material read

ΛΛΛ = diag (−cp,−cs,1,−cs,2,0,0,0,cp,cs,1,cs,2) .
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Figure 1. To the definition of unknown states for the Riemann problem

Note that cs,1 = cs,2 = cs for isotropic linear elastic material, and the only nonzero eigenvalues for the acoustic
fluid are ±c.
In case of anisotropic linear elastic materials on either side of the interface, the system has six unknown states,
as shown in Figure 1. The Rankine-Hugoniot jump conditions [5] read

c−p Q−
(
qqq−−qqq−a

)
+A−

(
qqq−−qqq−a

)
= 0,

c−s,1Q−
(
qqq−a −qqq−b

)
+A−

(
qqq−a −qqq−b

)
= 0,

c−s,2Q−
(
qqq−b −qqq∗

)
+A−

(
qqq−b −qqq∗

)
= 0,

A−qqq∗−A+qqq∗∗ = 0,

−c+s,2Q+
(
qqq∗∗−qqq+b

)
+A+

(
qqq∗∗−qqq+b

)
= 0,

−c+s,1Q+
(
qqq+b −qqq+a

)
+A+

(
qqq+b −qqq+a

)
= 0,

−c+p Q+
(
qqq+a −qqq+

)
+A+

(
qqq+a −qqq+

)
= 0.

Taking Eq. (17) into account, this results in

qqq∗−qqq− = α
−
1 rrr−1 +α

−
2 rrr−2 +α

−
3 rrr−3 ,

qqq+−qqq∗∗ = α
+
1 rrr+1 +α

+
2 rrr+2 +α

+
3 rrr+3 ,

where {rrr±i } are nonzero eigenvectors on either side of the interface. The proper upwind numerical flux is then
obtained as

nnn ·ΓΓΓ∗ (qqq) = {Aqqq}− 1
2

3

∑
i=1

(
α
−
i λ
−
i Q−rrr−i +α

+
i λ

+
i Q+rrr+i

)
. (18)

The coefficients {α±i } are then defined from the interface boundary conditions Eqs. (9)–(11). A closed form of
Eq. (18) is derived in [1] on elastic/elastic, acoustic/elastic, and acoustic/acoustic interfaces in case of isotropic
linear elastic material. For a general anisotropic linear elastic material, an exact Riemann solver is developed
in [2]. The solver yields the solution to the Riemann problem in the vector-matrix form.

3 IMPLEMENTATION AND NUMERICAL TESTS
The developed numerical algorithm is implemented in COMSOL Multiphysicsr software [6] using the Wave
Form PDE physics interface. The interface is dedicated to solving hyperbolic partial differential equations of
the form Eq. (12) using nodal discontinuous Lagrange shape functions and time explicit integration.
For the problem at hand the implementation results in 9 and 4 unknowns for the elastic and acoustic parts,
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respectively. We use the fourth order approximation of the unknowns that yields the largest mesh element size

hmax ∈
[

cmin

2 fmax
,

cmin

1.5 fmax

]
. (19)

Eq. (19) provides an unambiguous expression of the mesh element size for the system of acoustic equations,
because of the acoustic waves propagate with the same speed of sound, c. This is not the case for the problem
of linear elasticity, where cmin can be different depending on the problem formulation. This is shown in the
example below, where the elastic waves propagate in the lower half-plane with a “rock” on its top that is
similar to the one discussed in [7]. The domain is occupied by an isotropic linear elastic material with the
properties ρ = 2200 kg/m3, cp = 3.2 km/s, and cs = 1.8475 km/s. The traction free boundary condition applied
to the top surface results in the propagation of a Rayleigh wave that travels in the shallow layer below the
surface [8]. Its velocity, cr, can be approximately calculated as

cr ≈
0.86+1.12ν

1+ν
cs (20)

in case of an isotropic linear elastic material with ν being the Poison’s ration. In our example, Eq. (20) yields
cr ≈ 1.7 km/s.
The computational domain used for the numerical tests is the rectangle of the size 40× 20 km. The “rock”
on its top has the shape of a Gaussian of the heigh 0.2 km and the standard deviation 0.3 km. Its centre is
located 6 km to the left of the sagittal line. The simulation is run for 12 s and the forth-order time explicit
Runge-Kutta integration scheme is used. The source is given at the center of the top side of the rectangle as
the point force in the y-direction

F (t) = Fm

(
2(π f (t− t0))

2−1
)

exp
(
−(π f (t− t0))

2
)
,

where Fm = 10 MN, f = 2 Hz, and t0 = 1[s]. The Absorbing Layers that have the same functionality as in
the Acoustics Module of COMSOL Multiphysics [9] ensure the propagation in unbounded domains with low
reflections. The layers are adjacent to the left, right, and bottom sides of the rectangle and have the width
of 2 km. The impedance-like boundary condition, Low-Reflecting Boundary [10], is imposed on the outer
boundaries of the absorbing layer domains.

(a) (b) (c)

Figure 2. Structural velocity magnitude profile at 5 s (a), 8 s (b), and 11 s (c)

Figure 2 shows the resulting velocity magnitude profiles at three different time steps. One can see a good
resolution of the waves travelling through the media: longitudinal, shear, von Schmidt, and Rayleigh waves. It
is also seen that there are no distinguishable reflections from the outer boundary. Figure 3 depicts the velocity
profiles on the domain top boundary. The results are obtained by the time-explicit dG and the second-order
time-implicit FEM [9, 10] approaches (red and blue curves, respectively) and are normalized to 10 km/s. The
comparison shows a good agreement between the two numerical techniques. At the same time, the former is
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(a) (b)

Figure 3. Structural velocity profiles at t = 8 s: x-component (a), y component (b)

more effective in the considered example. Either method takes about 2.5 hours to run the simulation on a work-
station with Intelr CoreTM i7 CPU (3.60 GHz) and 32 GB of RAM. However, the implemented dG approach
requires only 2.4 GB of RAM, which is much less that 15.5 GB used by FEM. This memory efficiency is
achieved despite the larger number of degrees of freedom solved for (3.5 · 106 for dG vs. 1.7 · 106 for FEM)
and the smaller time step (∆texpl ≈ ∆timpl/4). This suggests that the time-explicit dG approach will be the only
possible option for solving such problems in larger computational domains, especially in the three-dimensional
space, and time intervals. Moreover, the time-explicit dG method is better suited for the parallelization on
clusters than the second-order time-implicit FEM.

(a) (b)

Figure 4. The pressure distribution in the cylinder together with the scattered (a) and the total (b) acoustic
pressure around it at t = 4/ f0 s

The second example shows the scattering of an acoustic wave off a solid aluminium cylinder. That is, the
acoustic-structure interaction is taken into account. The background acoustic field is given by a Gaussian modu-
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lated plane wave of the center frequency f0 = 2 kHz propagating in the air. The radius of the scatterer is 0.1 m.
The plots of the scattered and the total acoustic pressure fields are depicted in Figure 4 (a) and (b), respectively.
One can see that the total acoustic pressure field and the pressure filed in the elastic scatterer are continuous
across the acoustic-structure interface. That is, the condition given by Eq. (11) is fulfilled by means of the
upwind flux.

4 CONCLUSIONS
The described time-explicit dG method to solving large transient acoustic-structure multiphysics problems gives
good results when compared to the second-order time-implicit FEM approach. Its advantages are high accuracy,
low memory consumption, and scalability on clusters. The flexibility of COMSOL Multiphysics makes it pos-
sible to manually implement the governing equations as well as the upwind fluxes, ensuring correct coupling
between the structure and acoustics.
Further work will include extension of the proposed approach to the cases where the acoustic field is convected
by a steady-state background flow.
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Abstract
The Energy Boundary Element Method (EBEM) aims at the solution of acoustic high frequency problems,
where the classic BEM becomes inefficient due to the large number of degrees of freedom (DOF) required. A
transition to non-phased energetic state variables removes the correlation between the investigated frequency
range and the element size. In the EBEM the number of DOF is thus determined primarily by the complexity of
the geometry. In order to speed up the computation and to handle structures of very high geometric complexity,
a fast multipole algorithm for the EBEM is investigated. It has a great potential to reduce the numerical effort
in the Boundary Element Method (BEM). Helmholtz and Laplace problems have been solved very efficiently
applying this algorithm. However, the kernels used in the EBEM require an adaptation of the algorithm. In this
paper the development of a fast multipole formulation of the EBEM is presented.
Keywords: Fast multipole, Boundary elements, Energy method

1 INTRODUCTION
Nowadays, the BEM can be considered a well-established solution technique for acoustic problems of many
kinds. The number of a models DOF N required for satisfactory solution accuracy, however, does not only
depend on the complexity of the geometry, but also on the investigated frequency range. A commonly used
rule of thumb suggests at least 6-10 elements per wave length. Since the matrices of the system of equations in
the BEM are generally fully populated and non-symmetric, the memory required for the storage and solution, as
well as the solution time, grow very fast with the maximum frequency under consideration. Thus, the BEM is
mostly limited to the low and medium frequency ranges. The numerical effort for the conventional BEM grows
proportionally with O

(
N2
)
. The application of the Fast Multipole Method (FMM) allows the reduction of the

complexity to O (N) respectively O (N logN) [1]. Although this improvement means a tremendous acceleration
and considerably extends the frequency range where BEM is applicable, the FMM accelerated BEM (FMBEM)
still fails to cover the entire audible frequency range in most practical problems.
The EBEM constitutes a different approach to deal with the particular challenges of high frequency problems
[2, 3, 4, 5]. By neglecting interferences between propagative waves and using energetic quantities for the
description of the sound field, similarly to the statistical energy analysis (SEA), the correlation between the
investigated frequency and the element size is removed. To satisfy the underlying assumptions, the calculations
have to be carried out within a broader frequency range that contains several eigenfrequencies. The method is
thus only applicable for higher frequencies, where the modal overlap is high and yields a frequency-smoothed
response. Unlike in the SEA, the results obtained by the EBEM give detailed insight in the local spatial
distribution of the variables describing the sound field.
This paper aims at the formulation of a FMM for the EBEM (FMEBEM) to speed up the computation and
allow for finer discretiziation, where it is required by high geometric complexity of the model. The approach,
first presented in [6], is discussed in more detail. Section 2 gives an outline of general FMM procedures. In
section 3 the application to the EBEM is shown followed by numerical experiments to verify the accuracy and
performance of the FMEBEM presented in section 4. The paper closes with a summary and an outlook in
section 5.
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2 FUNDAMENTALS OF FMM ACCELERATED BOUNDARY ELEMENT METHODS
The following section is based on references [1, 7, 8] which may be consulted for more in depth information.
The boundary integral equations occurring in the BEM are of the form

f (x) =
∫

Γ

K(x,y)φ(y)dy x ∈ Γ, (1)

where x and y denote the position of receiver and source point, respectively. The function f is known on the
boundary Γ of the computational domain, φ is an unknown function and K (x,y) is a given kernel function. The
underlying idea of the FMBEM is to avoid the costly evaluation of all the direct interactions between separate
elements when evaluating the kernel function. Instead, several neighboring source elements are clustered and
their influence on sufficiently far situated receiver elements is evaluated by some suitable approximation resulting
in a "post office scenario" as illustrated in Figure 1.

(a) (b)

Figure 1. Direct evaluation of interactions (a) and evaluation in a single stage FMM (b) according to [7]

2.1 Definitions
The mathematical basis for the FMM is given by a factorization of the kernel function of the form

K(x,y) =
∞

∑
n=0

k(1)n (x−y0)k
(2)
n (y−y0). (2)

In Equation 2, y0 denotes an arbitrary point in the R3. The functions k(1)n are usually singular in the origin,
whereas k(2)n are usually entire functions [1]. The separation of receiver and source in Equation 2 principally
allows the desired clustering after truncation of the infinite series. The expansion, however, is usually valid
under a certain condition only, the most common being

‖x−y0‖> ‖y−y0‖ . (3)

To ensure this condition, a hierarchical tree structure is introduced. In 3D, a so called oct-tree is used. To
obtain the tree, a cubic bounding box is defined, so that it contains the entire boundary surface. This bounding
box is said to be on level 0 and contains all the elements of the model. Boxes at higher levels l > 0 are created
by splitting the parent box on level l−1 into eight equally sized children. The division is repeated until either
a desired level or a limiting number of elements per box is reached. A childless box on the deepest level is
called leaf. Furthermore the following definitions are introduced: Two boxes are said to be near neighbors if
they are on the same level and share at least one boundary point. A box is within the interaction list of another
box of the same level if their parents are near neighbors but the boxes themselves are not.
Boxes that are not near neighbors are well separated, meaning that Equation 3 is satisfied for all points of the
receiving box when y0 is chosen as the center point of the box containing the source point. Thus, it becomes
obvious that a tree structure in the FMM must always consist of at least three levels, since on level 0 and
1 there are no well separated boxes. At level 2 on the other hand, all well separated boxes are within the
interaction list of a box and their influence can be taken into account by evaluation of Equation 2. If the depth
of the tree exceeds level 2, the method at hand is called Multi Level Fast Multipole Method (MLFMM).
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Using Equation 1 and Equation 2 a multipole expansion for Γ0, the part of Γ contained within the box, and a
point x outside the box is obtained as∫

Γ0

K(x,y)φ(y)dy =
∞

∑
n=0

k(1)n (x−y0)Mn(y0), (4)

where the multipole moment centered at y0 is defined by

Mn(y0) =
∫

Γ0

k(2)n (y−y0)φ(y)dy. (5)

In a similar manner, a local expansion is defined for a point x inside a box as∫
Γ0

K(x,y)φ(y)dy =
∞

∑
n=0

Ln(x0)k
(3)
n (x−x0), (6)

where Ln(x0) denotes the local coefficients centered at x0 and the functions k(3)n are chosen to be a complete
set of interior solutions of the governing partial differential equation. For obvious reasons, the summations in
Equation 4 and 6 have to be truncated after a finite number of terms in practical implementations.
To complete the tool set for the MLFMM, three operators are required: An operator to shift the center of
a multipole expansion from a box to its parent, called M2M, an operator to translate a multipole expansion
centered at a box to a local expansion centered at another box in its interaction list, which is called M2L and
an operator to shift the center of a local expansion from a box to its child, called L2L.

2.2 Algorithm
The FMM can be employed for the approximation of a matrix-vector product and as such in combination with
an iterative solver for the solution of a boundary value problem by means of the BEM. The major steps of
the procedure are as follows. First, the boundary is discretized and a trial vector is determined as usual. The
elements are organized in a tree structured as described in subsection 2.1. Starting at the deepest level, the
multipole moments for all leaf boxes are calculated using Equation 5. The multipole moments are then shifted
to the respective parent boxes using M2M, summing up the contributions of all the children of a parent. This
procedure is repeated following the hierarchy of the tree upwards until all boxes on level 2 posses a multipole
moment. Once this step is completed, the multipole moments on each level are translated to local coefficients
of the interaction list using M2L and summed up for each box. Now, starting from level 2, tracing the tree
downwards, the local coefficients of each parent box are shifted to its children using L2L and are added to
their existing coefficients. Once again, this step is repeated until all leaf boxes posses a local expansion that
accounts for the influence of all well separated boxes. This expansion is then evaluated using Equation 6. The
contributions of all source points within the same box and near neighbor boxes are evaluated directly and are
added to the result from the local expansion.

3 APPLICATION OF THE FMM TO THE EBEM
The boundary integral equation used in the EBEM is [3, 5]∫

Γ

H(x,y) ·nxσ(y)dy+ c(x)σ(x) = In(x). (7)

In Equation 7, nx denotes the outward normal vector at the receiving point, σ the source strength on the
boundary, c(x) the boundary factors and In(x) the sound intensity in normal direction. The kernel function is
given by

H(x,y) =
e−µr

4π

r
r3 , (8)
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where r = x−y, r = ‖x−y‖ and µ is the attenuation coefficient. The strong singularity occurring in Equation 8
may be handled by a suitable numerical integration scheme [9]. In case of constant elements these singularities
are avoided. To apply the FMM to Equation 7 an expansion in the form of Equation 2 for Equation 8 is
required. In its general form, no obvious factorization of the kernel function seems to be available. Since the
kernel is not oscillatory and smooth outside the singularity, the application of a so called kernel-independent or
black box FMM [11] would be feasible, where the factorization does not need to be explicitly known. For the
special case µ = 0, however, which is a valid assumption for many practical problems, an analytical formulation
as described in section 2 can be found. This analytical FMM for the undamped case will be described in the
following. As µ = 0, the following identity is observed

H(x,y) ·nx =
r ·nx

4πr3 ≡−
∂G(x,y)

∂nx
. (9)

where G(x,y) = 1
4πr denotes the Green’s function of Laplace’s equation. Thus, the scalar product H(x,y) ·nx is

taken as the negative normal derivative of the Laplace kernel function at the receiver point. With this approach,
a FMM based on the factorization of G(x,y), known as [10]

G(x,y) =
1

4π

∞

∑
n=0

n

∑
m=−n

S̄m
n (x−y0)Rm

n (y−y0), (10)

is possible. In Equation 10 the symbol ·̄ indicates the complex conjugate. The functions Rm
n and Sm

n are known
as regular and singular solid harmonics. They are defined in terms of the polar coordinates r,φ ,θ of a vector x
as

Rm
n (x) =

1
(n+m)!

Pm
n (cosθ)eimφ rn (11)

and

Sm
n (x) =

1
(n−m)!

Pm
n (cosθ)eimφ 1

rn+1 , (12)

where Pm
n is the associated Legendre function of degree n and order m. Here, the definition of Pm

n from [10] is
used, where the factor (−1)m, known as Condon-Shortley phase, is omitted from the definition. By comparing
Equation 10 to Equation 2 it becomes obvious that k(1)l (x−y0) = S̄m(l)

n(l) (x−y0) and k(2)l (y−y0) = Rm(l)
n(l) (y−y0)

have been chosen, where the original summation index n has been replaced with l to avoid confusion with
associated Legendre functions degree n.
The normal derivative appearing in Equation 9 depends on the receiver position only. Due to the separation of
source and receiver, its computation requires a modification of the last step of the FMM algorithm only, which
is the evaluation of at the receiver position by Equation 6. Using

k(3)l (x−x0) =
∂Rm(l)

n(l) (x−x0)

∂nx
, (13)

Equation 6 can be rewritten as∫
Γ0

H(x,y) ·nxσ(y)dy =− 1
4π

∞

∑
n=0

n

∑
m=−n

Lm
n (x0)

∂Rm
n (x−x0)

∂nx
. (14)

Taking the discretization into account, the multipole moment of the leaf boxes may be calculated from the
elements i inside the box with their shape functions Ni as

Mm
n (y0) = ∑

i∈Box

∫
Γi

Rm
n (y−y0)Ni(y)σ(y)dy. (15)
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The operators M2M, M2L and L2L can be adopted from the FMM for the Laplace equation. These are [10]

Mm
n (y

′
0) =

n

∑
n′=0

n′

∑
m′=−n′

Rm′
n′ (y0−y′0)M

m−m′
n−n′ (y0), (16)

Lm
n (x0) =

∞

∑
n′=0

n′

∑
m′=−n′

(−1)nS̄m+m′
n+n′ (x0−y0)Mm′

n′ (y0), (17)

Lm
n (x1) =

∞

∑
n′=n

n′

∑
m′=−n′

Rm′−m
n′−n (x1−x0)Lm′

n′ (x0). (18)

Where Equation 16 represents M2M, M2L is given by Equation 17 and Equation 18 defines L2L. For the
evaluation of Equation 14 the derivatives of Rm

n need to be calculated. They are given by [10]

∂

∂x
Rm

n =
1
2
(
Rm−1

n−1 −Rm+1
n−1
)
, (19)

∂

∂y
Rm

n =
i
2
(
Rm−1

n−1 +Rm+1
n−1
)
, (20)

∂

∂ z
Rm

n =Rm
n−1. (21)

As has been mentioned before, the expansion is truncated, thus the outer sum is terminated after p terms,
resulting in a total p2 coefficients for the local and multipole expansion of each box. The number of terms p
is refered to as expansion length.

4 RESULTS
The previously described FMEBEM was implemented within the framework of a C++ library for acoustic
boundary element analyses. The method was implemented as a MLFMM, where the number of levels nl is
chosen according to [12] by

nl ≈ log8 (N) . (22)

4.1 Sphere
For a first verification and to perform some numerical experiments concerning the performance and accuracy of
the method, the geometry of a sphere is analyzed. Boundary conditions for the normal intensity are chosen such
that they correspond to a point source in the center of the sphere. The sphere is modeled using 9,359 elements
and constant shape functions. In Figure 2, the resulting source strengths on the boundary are shown as computed
by the direct evaluation of the boundary integral equation (Figure 2a) and the FMEBEM (Figure 2b-2e).

(a) direct EBEM (b) FMEBEM, p = 3 (c) FMEBEM, p = 4 (d) FMEBEM, p = 5 (e) FMEBEM, p = 6

Figure 2. Source strength on the boundary computed by direct evaluation of Equation 7 (a) and FMM with
varying expansions lengths (b-e)
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Using the expansion length p = 3, there are clearly visible artifacts in the solution, showing deviations from the
direct solution within the order of magnitude of roughly 10%. With increasing expansion length, however, these
deviations decline and for p = 6 the results of the FMEBEM match those of direct computation very well. The
operators M2M, M2L and L2L that have been implemented are of the complexity O

(
p4
)
, hence the expansion

length can have great impact on the computation times and thus the efficiency of the FMM. To analyze the
effect of the expansion length on accuracy and speed of the method in more detail, the mean relative error was
calculated as

ε =

√
∑N (σdirect (ri)−σFMM (ri))

2√
∑N σ2

direct (ri)
. (23)

In Equation 23, σdirect (ri) denotes the source strength at collocation point i as computed by the direct EBEM
and σFMM the source strength as a result of the FMM. The resulting error as well as the required computation
times are shown in Figure 3. The behavior of the error for large p is unexpected. From theory, a monotonously
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Figure 3. Computing time and relative error of the FMEBEM over the expansion length

decreasing error, that eventually converges towards zero would be expected. However, the error in Figure 3
converges towards a finite value. The reason for this behavior is suspected to be related to inaccurate handling
of very large numerical values occurring during the computation of the factorials in Equation 11 and 12 for
large p. Since the overall accuracy is still good and the effect only occurs for impractically large expansion
lengths, it was not yet further investigated.
To analyze the performance of the method for varying problem sizes, the sphere was discretized with ap-
proximately 1,000 elements. This base mesh was refined several times by splitting the element edges until a
maximum of approximately one million elements was reached. Figure 4 shows the computing time and required
memory for different numbers of DOF for both, direct EBEM and FMEBEM, using a constant expansion length
of p = 5.
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Figure 4. Computing time and memory consumption during solution for EBEM and FMEBEM for different
problem sizes
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It can be observed that the EBEM does scale approximately with the complexity O
(
N2
)

while the FMEBEM
behaves as O (N). The reduced effort allows for faster solution and larger problem sizes due to reduced memory
consumption.

4.2 Car interior
Finally, a somewhat more complex model has been analyzed to demonstrate the applicability to more realistic
engineering problems. The mesh shown in Figure 5 was used to model a generic car interior excited by a
loudspeaker system. It consists of approximately 40,000 constant elements. The blue circular area in the front
has a unit intensity defined as boundary condition, modeling a uniformly vibrating speaker membrane. For the
green area at the bottom a high absorption coefficient of α f loor = 0.7 is defined. The remaining yellow elements
have a low absorption of α = 0.05 prescribed. While there are severe simplifications in comparison to an actual
car interior, the complexity of the model is high compared to the sphere since different types of boundary
conditions and a more complex geometry are involved. Solutions computed by EBEM (6a) and FMEBEM
using p = 5 (6b) are shown in Figure 6. The results match very well, though the relative error computed on the

Figure 5. Model of a generic car interior

(a) EBEM solution (b) FMEBEM solution

(c) error on the boundary (d) error inside the domain after post processing

Figure 6. Comparison of solutions for the car model obtained by EBEM and FMEBEM
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boundary (6c) becomes quite large in some areas. However, the areas, where the largest relative error occurs,
are those, where the EBEM solution approaches zero so even very small absolute errors result in large relative
errors. The evaluation of the field variables after post processing the results (6d) shows excellent agreement.

5 SUMMARY AND OUTLOOK
A fast multipole method for the undamped EBEM kernel function has been developed and analyzed. The
method has been verified by results of a direct EBEM and shows very high accuracy. The required memory
during the solution is reduced significantly and speed is vastly increased compared to the direct evaluation.
More efficient operators of complexity O

(
p3
)

are known for the Laplace kernel [1, 10, 12]. They offer the
potential to improve the current implementation. The application of a black box FMM for the damped and
undamped EBEM kernel [11] may also be of interest.
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ABSTRACT 
Recently, application fields of the BEM have been expanding using the fast multipole BEM (FMBEM), 
which is an efficient BEM solver with the application of the fast multipole method to the BEM. However, 
when applying the BEM to flow induced noise analyses based on Lighthill's analogy, since the number of 
sound sources is enormous, the processing time for sound source evaluation increases. This markedly 
impairs the overall computational efficiency. To solve this problem, we have been studying a method to apply 
the FMBEM for sound source evaluation. Specifically, the hierarchical cell structure for grouping the 
boundary elements was expanded to a structure including the sound sources which are widely distributed 
outside the boundary, and the expanded representation of the contribution from the sound sources was 
introduced. However, since we used the high-frequency FMBEM which is based on Rokhlin's diagonal form, 
it was unstable at low frequencies. In this paper, we propose a stable sound source evaluation method at low 
frequencies using the low-frequency FMBEM which is based on the original multipole expansions. We also 
show its effect on the computational load through a numerical example: a flow induced noise analysis around 
a side view mirror where the number of elements and sources are roughly six thousand and three million, 
respectively. 
 
Keywords: Flow Induced Noise, BEM, Fast Multipole Method, Low Frequency 

1. INTRODUCTION 
Flow induced sound fields have been numerically analyzed mainly by methods based on acoustic 

analogy (1). To do this, firstly, an unsteady flow field is calculated to obtain acoustic source terms, 
then propagation of far-field acoustic pressure is predicted using, for example, Curle's equation (2), 
the Ffowcs Williams-Hawkings equation (3) or some numerical methods such as the finite element 
method (FEM) or the boundary element method (BEM) based on Lighthill’s analogy (4, 5). Among 
them, the BEM is widely used for exterior sound field analyses due to several benefits such as the 
smart modelling capability of acoustic radiation fields and the feature of easy mesh generation. 
However, since dense matrices are generated in the BEM, the calculation cost for the main-process, 
in which the sound pressure at the boundary element nodes are calculated, becomes large especially 
at high frequencies. In addition, in the flow induced sound field analyses based on Lighthill’s 
analogy, the calculation cost for the pre-process, in which the source contribution at boundary 
element nodes are evaluated, is also large because an enormous number of sources are generated by 
the analogy.  

In the main-process of the BEM, to solve the finally obtained linear system, the operation count 
and the required amount of memory increase by  even using iterative methods, where  is 

                                                        
1 masumoto@cybernet.co.jp 
2 yyasuda@kanagawa-u.ac.jp 
3 inoue@k.u-tokyo.ac.jp 
4 sakuma@k.u-tokyo.ac.jp 
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the number of DOFs. To reduce the cost, a fast method, in which the fast multipole method (FMM) is 
applied to the BEM (FMBEM), has been developed (6, 7) and is in practical use.  

In the pre-process of the BEM, the operation count is , where  is the number of 
sources. In flow induced sound field analyses based on Lighthill’s analogy, since  equals to the 
number of nodes in the fluid mesh, it is drastically larger than . Therefore the operation count for 
the pre-process is enormous. To solve this, we have applied the FMM to sound source evaluation (8). 
In this method, however, because the diagonal form proposed by Rokhlin (9) was employed, the 
method was only applicable to calculation at high frequencies due to its well-known instability at 
low frequencies.  

In this paper, we propose a stable method for evaluation of enormous number of sound sources at 
low frequencies using the low-frequency FMM which is based on the original multipole expansion 
theory. We also show its effect on the computational load through a numerical example.  

2. CALCULATION PROCEDURES OF FLOW INDUCED NOISE USING BEM 

2.1 Flow induced sound source 
Lighthill’s equation in the frequency domain is derived from the equation of continuity and the 

compressible Navier-Stokes equation as 

 (1)

(2)
where  is the sound pressure,  is the wave number,  are the coefficients of Lighthill’s stress 
tensor,  and  are the i-th and j-th component of the flow velocity, respectively, in the frequency 
domain derived by the Discrete Fourier Transform (DFT) and  is the air density.  

The sound pressure generated by an aerodynamic sound source defined by the right hand side of 
Equation (1) is calculated as  

(3)

(4)

where  and  are the position vectors of the sound source and the observation point, 
respectively, j is the imaginary unit,  is the angular velocity and  is the volume integral 
with respect to the source region.  

2.2 Evaluation of aerodynamic sound source contribution in BEM 
To analyze a sound field represented by Equation (1) using the BEM, the contribution from a 

sound source represented by Equation (3) is evaluated at all boundary element nodes in the 
pre-process. In the case of multiple sound sources existing, the contributions are evaluated for all 
sound sources. Hence, the operation count for the pre-process is , where  is the number 
of DOFs and  is the number of sources. The computational cost for this is not a major problem in 
many cases since generally . However, the flow induced sound field analyses, the operation 
count for the pre-process is enormous due to .  

3. EVALUATION OF SOUND SOURCE CONTRIBUTION USING FMM 

3.1 Outline of FMM 
First, we represent the source contribution at an observation point using the multipole and the 

local expansions. Next, we describe a hierarchical cell structure which is introduced for efficient 
calculation of the contribution from a large number of sources to a large number of observation 
points. Finally, we describe calculation procedures.  
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3.1.1 Evaluation of sound source contribution using multipole/local expansions  

 
Figure 1: Illustration of two types of sound field. 

Figure 1 illustrates two types of sound field, field 1 and 2. In field 1, all sources are located closer 
to the origin than an observation point, and the field holds the Sommerfeld radiation condition. In 
this case, the total contribution of source potentials at the observation point, , is represented by 
the multipole expansion as 

where  is the position vector of the observation point in the spherical coordinate, r= , 
 are the multipole expansion coefficients,  are the spherical Hankel functions of the first 

kind,  are the spherical harmonic functions,  is the truncation number for infinite summation, 
and  are the spherical wave functions of singular type. In field 2, an 
observation point is located closer to the origin than all source points. In this case, the total 
contribution of source potentials at the observation point is represented by the local expansion as 

(6)

where  are the local expansion coefficients,  are the spherical Bessel functions, and 
 are the spherical wave functions of regular type.  

By using these equations and by grouping the sound sources and the observation points as 
described below, evaluation of the contribution from the sound sources to the observation points can 
be replaced with that from the groups to the groups. This can reduce the operation count for the 
pre-process. 

3.1.2 Translation of expansion coefficients
As long as the relationship illustrated in Figure 1 is satisfied, the expansion coefficients at one 

point, , can be translated to those at another point, , as follows: 
(7)

(8) 

(9) 
where  and  are the vectors of the multipole and the local expansion coefficients, respectively, 
and  and  are the translation matrices for the expansion coefficients. Because those 
matrices are dense, their handling costs are expensive. To overcome this, we applied Rokhlin’s 
diagonal form (9) in the previous paper (8). However, this form has a problem of instability at low 
frequencies. Therefore in this paper, we adopt a technique that uses the Taylor expansions for M2M 
and L2L translations and the rotation – coaxial translation – back rotation (RCR) technique with 
recurrence relations for M2L translations. Refer (7, 10) for more detail.  

3.1.3 Hierarchical cell structure
A hierarchical cell structure is introduced for multilevel grouping of sources and observation 

points. Figure 2 shows an example in two dimensions. A cube circumscribing whole sources and 
observation points is created as a root cell, whose hierarchical cell level . Then it is divided 

sources 

origin 
r 

observation point 

field 1 field 2 

sources 

r 
observation point 

origin 
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into eight child cubes, whose cell levels  are . Each divided cube is again divided recursively, 
whose hierarchical cell levels  are . 

 
Figure 2: 2-D hierarchical cell structure and diagram of steps 1 to 5. 

3.1.4 Calculation procedures
The calculation procedures to evaluate the source contribution at observation points using the 

expansion coefficients and the hierarchical cell structure are as follows:  
Step 1: In each cell at the lowest level, the contribution of sources belonging to the cell is translated 
to the multipole expansion coefficients at the center of the cell, and those are accumulated.  
Step 2: The multipole expansion coefficients of child cells are translated to those at the center of its 
parent cell, and those are accumulated.  
Step 3: The multipole expansion coefficients are translated to the local expansion coefficients at the 
center of the distant cells at the same hierarchical cell level.  
Step 4: The local expansion coefficients of the parent cell are translated to that at the center of its 
child cells.  
Step 5: In each cell at the lowest level, the local expansion coefficients are translated to the source 
contribution at the observation points.  
Step 6: In each cell at the lowest level, the contribution of sources belonging to its neighbor cells are 
evaluated in the conventional way.  

3.2 FMM application to main-process of BEM 
Figure 3 shows an example of the hierarchical cell structure for a boundary element mesh, which 

is used for the main-process of the BEM. The whole mesh is circumscribed by the root cell whose 
hierarchical cell level . The child cells are generated as described in 3.1.3. 

 
Figure 3: 2-D hierarchical cell structure (the lowest cell level L = 3) for main-process of BEM. 

3.3 FMM application to pre-process of BEM 

3.3.1 Hierarchical cell structure 
When the exterior sound field excited by aerodynamic sound sources is analyzed, sound sources 

usually exist outside of the boundary element mesh. Hence, we generate a new hierarchical cell 
structure circumscribing whole sources. In order to use the coefficients of the cell structure for the 
main-process effectively, the higher level cells, , are defined recursively based on the 
level 0 cell until the whole sources are circumscribed by one of a newly generated cells, which is the 
highest level, H, cell (Figure 4).  

level  
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level  (root) boundary 

step 1 
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step 5 

source point 
observation point 
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level  (L) 
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Figure 4: 2-D hierarchical cell structure (the highest cell level ) for pre-process of BEM. 

3.3.2 Calculation procedures
To begin with, we define acoustic cells. These are the cells containing acoustic boundary 

elements among lowest level cells, and, the higher level cells which contain acoustic cells in its child 
cells are also acoustic cells.  

First, the processes of step 1 are executed in all the lowest level cells. Next, the processes of step 
2 are recursively executed until  ( ). Then, at each cell level, 
the processes of step 3 are executed from all the cells to the acoustic cells. After that, the processes of step 4 
are executed in the acoustic cells from  to , and the processes of step 5 are 
executed in the lowest level acoustic cells. Finally, the processes of step 6 are executed. Figure 5 
shows an example of coefficient translation flows in the case  and .  

 

 
Figure 5: Conceptual diagram of translation of aerodynamic sound source contributions. 

(The lowest cell level L is 3 and the highest level . Note that some operations in step 3 at levels 2 

and 3, and step 6 at the lowest level L are omitted to be illustrated for simplicity.) 
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Among the FMM processes for the pre-process, only the equation evaluated in step 1 is different 
from that for the main-process. In step 1 of the FMM for the pre-process, the following equation is 
evaluated 

(10)

where  is the group of sources included in the cell ,  is the position vector of the source, 
 is the vector connecting the center of the cell  and the source position.  

4. Numerical example – side view mirror model – 

4.1 Transient fluid dynamics simulation 
The turbulence vortex shedding from a side view mirror, whose geometry was a half of a cylinder 

with a quarter sphere on its top having a diameter of 0.2 m and a height of 0.3 m, was analyzed at 
Reynold's number, Re, being 532,608 and mach number, M, being 0.11441 (140 km/h). As a 
computational fluid dynamics code, ANSYS Fluent version 15.0 (11) and its incompressible LES 
(Dynamic Smagorinsky model) calculation feature was used. There were 3,538,170 cells and 
2,927,466 nodes in the computational domain. A steady velocity was imposed on the inflow boundary. 
No-slip conditions were applied on the mirror and the plate. Slip-conditions were applied on the top 
and the side boundaries. On the other boundary, a zero pressure outflow condition was applied. The 
transient simulation was performed with the time step size being 1E-4 s. Figure 6 shows a geometry 
and a result, which is an instantaneous snapshot of the fluid pressure.  

 
Figure 6: Instantaneous snapshot of the fluid pressure. 

4.2 Acoustic simulation 
The numbers of boundary elements and aerodynamic sound sources were 10,442 and 2,927,466, 

respectively. In a hierarchical cell structure for the pre-process, the highest hierarchical cell level, H, 
was set to -2 to circumscribe the fluid mesh, and the lowest hierarchical cell level, L, was varied 
from 3 to 7 to investigate its effect on the computational cost. For the main-process, the lowest 
hierarchical cell level, L, was selected as the average number of elements in the cell, M, falling 
below 100 first to minimize the calculation time based on the study in (7). Responses were 
calculated at 100 Hz by the conventional method (the direct evaluation of the sources) and the 
proposed method. Figure 7 shows the acoustic pressure distribution on the boundary element mesh.  
  

M=0.114 (140 km/h) 
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Figure 7: Acoustic pressure distribution at 100 Hz. 

Left: conventional method, Right: proposed method. 
In order to evaluate the difference between these two results, an error defined by the following 

equation was calculated and shown in Table 2  

(11)

where n is the number of elements,  and  are the pressure at i-th element calculated by the 
conventional method and proposed method, respectively. The error did not depend on L and was 
enough small.  

4.3 Computational cost  
Table 2 also lists the computational time and required memory for the pre-process of the BEM.  
The computational time for step 1 did not depend on L, because the operation count of step 1 is 

. Since the number of sources which are directly evaluated in step 6 decreased with an increase 
in L, the computational time for step 6 decreased with an increase in L, and conversely the 
computational time for setup and steps 2 to 5 increased with L. The optimum lowest cell level L for 
minimum computational time was 6 in this case. The required amount of memory increased simply 
with the increase in L, because no additional memory is required by the direct evaluation of the 
source contribution.  
Table 2: Computational time and required memory for source evaluation and error in results calculated by 

proposed method. 

(Num. of aerodynamic sound sources: 2,927,466, and num. of boundary elements: 10,442)  

 
M 

computational time [s] memory
[GB] 

error  
setup step 1 steps 2-5 step 6 total 

conventional - - - - - 10943.8  - - 

proposed 

L=3 1462  1.42   191.9  0.1   780.3  973.8  1.33   6.0E-5  

L=4 238  1.86   191.4  0.8   185.4  379.5  1.40   6.0E-5  

L=5 45  2.43   193.2  4.2   50.9  250.8  1.74   6.0E-5  

L=6 11  3.31   191.7  17.7   25.2  238.0  3.11   6.0E-5  

L=7 3  5.26   192.6  62.0   10.38  270.2  7.74   8.2E-5  

5. SUMMARY 
We have proposed a fast method to evaluate the contribution from a large number of sound sources 

using the low frequency FMM. This method is especially required in the pre-process of the BEM 
when analyzing the flow induced sound field based on Lighthill's acoustic analogy because the 
number of sources in this case is large. The following points were confirmed through the numerical 

120 

 0 

60 

1
Sound Pressure Level [dB] 
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analysis.  
i. Sound fields calculated by the conventional and the proposed method agreed well.  
ii. The computational time varied depending on the lowest hierarchical cell level, L. The 

optimum L which minimizes the calculation time was confirmed to exist.  
iii. The memory requirement increased with L. 
iv. The shortest computational time by the proposed method was 46 times shorter than that of the 

conventional method in our numerical experiment. 
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Abstract
Electric motors can suffer from severe noise radiation when the internal electromagnetic forces excite a natural
vibration mode of the stator pack. These critical operation points can be identified from a Campbell diagram.
The generation of the diagram based on numerical analyses is computationally very costly, in particular when
the motor is to be analyzed in the mid-frequency range. The complex vibration behavior of the motor housing
prohibits a straight-forward application of common model reduction processes. Therefore, a new multiple-input-
multiple-output model reduction process is developed using the moment matching method based on Krylov
subspaces. The in-vacou surface velocity modes of the motor housing yield as input load patterns. A structure-
preserving second-order Arnoldi algorithm is used for the calculation of the Krylov subspaces. The proposed
process enables the direct evaluation of the radiated sound power for all considered frequency points within a
frequency band. The reduction process incorporates an adaptive selection of structural modes in order to allow
for an efficient evaluation of the radiated sound power of the electric motor.
Keywords: Electric motor, Sound radiation, Model order reduction, Krylov subspace

1 INTRODUCTION
During the last decades, electrification of mobile systems has progressed consistently. Nowadays, there is broad
variety of applications for electric motors: in the automotive industry [6, 2], for marine propulsion [7] or air-
craft propulsion [12] and further applications [8, 3, 4]. The major advantages of an electric motor compared
to a conventional internal combustion motor are improved fuel economy, reduced harmfull emissions and lower
audible noise [12]. Due to the increasing importance of electric motors, many manufacturers integrate the pro-
duction of electric motors into their value chain [6]. However, electric motors can suffer from severe noise
radiation when the electromagnetic forces excite a natural vibration mode of the stator stack. Therefore, it is
important to estimate the electromagnetic, structural dynamic and acoustic behavior of the motor early on the
design process. The multiphysics problem concerning the noise emission of electric motors is modeled with
three weakly-coupled modules: Electromagnetics, structural dynamics and acoustics, as displayed in figure 1.
Wibbeler et al. [11] developed a basic procedure for the solution of the multiphysics noise emission problem of
an electric motor by use of the commercial finite element method (FEM) simulation environment of ANSYS.
The basic procedure incorporates the electromagnetic analysis (module 1), in which the time-dependent electro-
magnetic forces are determined and the structural dynamics analysis (module 2).

D
FT

M
SU

P

time-dependent
electromagnetic forces

1 - Electromagnetics 2 - Structural dynamics 3 - Acoustics
modal analysis

harmonic analysis

ANSYS Maxwell ANSYS Mechanical
powersoundrad.Projective

model reduction

Figure 1. Simulation workflow of the weakly coupled multiphysics problem of the electric motor.
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The electromagnetic forces are transferred to the frequency domain by use of a discrete Fourier transformation
(DFT) and yield as excitation for the structural dynamics analysis. The modal superposition technique (MSUP)
is used to solve the structural dynamics problem. In the basic framework, the acoustically radiated sound power
for the Campbell diagram is approximated in terms of the equivalent radiated power, which solely encounters
structure-borne noise and omits the frequency dependence of the radiation efficiency.
Jegham et al. [5] extend the basic procedure for a full-harmonic acoustic analysis (module 3) in order to
obtain more realistic results regarding the noise emission of the electric motor. In acoustic problems, the com-
putation effort and simulation times increase drastically with increasing frequency of interest. Jegham et al.
overcome long calculation times, especially in the mid-frequency range, by use of high performance computa-
tion approaches, i.e. optimized balancing between mesh domain decomposition (MDD) and frequency domain
decomposition (FDD).
This work presents an alternative approach to enable a fast and reliable acoustic analysis (module 3) for the
generation of a Campbell diagram of an electric motor. The time-harmonic acoustic problem for an inviscid
fluid, such as the air surrounding the motor, can be expressed in terms of the homogeneous Helmholtz equation

c2
∆p+ω

2 p = 0, in Ω. (1)

Herein c and ω represent the speed of sound and the angular frequency and p is the generally sought sound
pressure in the fluid domain of infinite extent Ω. The Laplace operator is expressed by ∆, representing the
double derivative with respect to the spatial coordinates ~x.

2 PROJECTIVE MODEL REDUCTION
The presented alternative approach for the efficient evaluation of the radiated sound power relies on the fun-
damentals of projective model reduction. In projective model reduction, the original system of equations (size
N×N) is projected onto to a system of reduced order (size r× r) with way less degrees of freedom (DOFs),
while maintaining the dynamic behavior of the system with a certain accuracy. An appropriate projection matrix
V ∈ CN×r is used for this purpose. The reduced-order acoustic system is obtained from the application of the
projection matrix onto the FEM-discretized Helmholtz equation [10](

K + jωD−ω
2M

)
~p = ~F

projection
=====⇒

N>>r

(
Kr + jωDr−ω

2Mr
)
~pr = ~Fr. (2)

The stiffness, damping and mass matrix of the original system are denoted by K, D and M respectively. ~F
stands for the acoustic load vector of original dimension. The imaginary unit is represented by j =

√
−1. The

system matrices of reduced order in equation 2 are given by [10]

Mr = V T MV , Dr = V T DV , Kr = V T KV , ~Fr = V T~F . (3)

Instead of solving for the original column matrix of discrete sound pressure values ~p ∈ CN , the system of
equations 2 is solved for the state vector of reduced dimension ~pr ∈ Cr, with r << N, such that ~p≈ V ~pr [10].
The moment matching method based on Krylov subspaces is applied in order to define the projection subspace.
This method relies on the local approximation of the input-output transfer function of the acoustic system within
a given frequency range. Equation 2 of the original system has to be reformulated according to system theory
in order to allow for the application of the moment matching method, i.e. [10]

~p = CT (K + jωD−ω
2M

)−1~bv(ω)
projection
=====⇒

N>>r
~pr = CT

r
(
Kr + jωDr−ω

2Mr
)−1~brv(ω) . (4)

In equation 4, the acoustic load vector is decomposed into a constant, frequency independent load pattern ~b
and a frequency dependent scalar factor v(ω). This decomposition is essential for the successful application of
the presented model reduction method. Furthermore an output matrix C is introduced. It enables the selection
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of specific, predefined DOFs, that are scope of the analysis. In case of a single-input-single-output system, the
output matrix degenerates to a vector of zeros with one single unity entry at the corresponding position of the
desired DOF. The corresponding reduced-order output matrix and load pattern are given by [10]

Cr = V T C, ~br = V T~b. (5)

Choice of Projection Matrix
The moment matching method is based on the approximation of the transfer function of the original system
as well as the transfer function of the reduced system in terms of a Padé-type approximation. Both function
approximations are carried out around the same expansion point ω0. The first r moments of both transfer func-
tions match, if the columns of the used projection matrix span a particular Krylov subspace K of order r [1].
The Krylov subspace is calculated by use of the second-order Arnoldi (SOAR) algorithm [1, 9]. As a result, an
orthonormal set of r Krylov vectors ~κ is generated, spanning the second-order Krylov subspace of order r [1]

K
(

K,D,M ,~b
)
= span(~κ0,~κ1, ...,~κr−1) =⇒ V = {~κ0,~κ1, ...,~κr−1} . (6)

The resulting set of Krylov vectors is further used as the projection matrix for the model reduction process. The
load pattern vector ~b is explicitely considered for the calculation of the starting vector ~κ0. This fact demonstrates
the necessity of a frequency independent load pattern. The desired output can hence be efficiently calculated
for various frequencies of interest through the reduced form of equation 4.

3 DEVELOPMENT OF NOVEL MODEL REDUCTION PROCESS
The load pattern of an electric motor varies with the frequency and additionally with the rotational speed of
the motor. As a consequence, the application requirement for the model reduction process of a constant load
pattern is not given anymore. The model reduction process, as presented in the previous section, cannot be
directly applied under these circumstances.

3.1 Multiple-Input Extension Approach
The system theory formulation of the original system (eq. 4) can be extended for multiple inputs (number of
inputs M) [10]

~p = CT (K + jωD−ω
2M

)−1
B~v(ω) . (7)

In this case, the acoustic load vector is decomposed into multiple constant, frequency independent load patterns
and a corresponding vector of corresponding scalar, frequency dependent factors ~v(ω). The load patterns are
arranged columnwisely in the load pattern matrix. The modal properties of the structure are analyzed in the
previous analysis module of the multiphysics approach (cf. structural dynamics in fig. 1). The eigenmodes
of the radiating surface ~φm (~x) represent potential load patterns for equation 7, as they are independent of the
frequency and of the rotational speed. The load pattern matrix of the electric motor hence results in

B =
{
~φ1 (~x) ,~φ2 (~x) , ...,~φM (~x)

}
. (8)

The vector of frequency dependent factors is given by the complex-valued modal coefficients, which result from
the harmonic analysis of the structure (cf. module 2 in fig. 1), i.e.

~v(ω) = {v1 (ω) ,v2 (ω) , ...,vM (ω)} . (9)

The load pattern problem of the electric motor is solved through this approach. However, the radiated sound
power P is the quantity of interest for the generation of the Campbell diagram. The radiated sound power can
be directly calculated from the state-space system formulation (eq. 7) by adapting the coefficients of the output
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matrix. For a specific frequency of interest ωk, the coefficients of the corresponding column in the adapted
output matrix Ĉ:,k follow from the acoustic load vector in terms of

Ĉ:,k = j/
(
ρ f ωk

)
~F∗ (ωk) . (10)

~F∗ indicates the conjugate complex of the acoustic load vector for the corresponding frequency and ρ f repre-
sents the density of the air. For the consideration of for multiple frequencies of interest, the vector of scaling
factors needs to be extended to a matrix of scaling factors Y . This matrix is constructed by columnwise con-
catenation of all vectors of modal coefficients. The column in the matrix of scaling factors, which corresponds
to a specific frequency ωk is given by

Y:,k =~v(ωk) . (11)

Introducing the adapted output matrix (eq. 10) and the extended matrix of scaling factors (eq. 11) into equation
7, the radiated sound power can be evaluated for each considered frequency point in the frequency interval of
interest according to

~P =
{

P(ω1) , ...,P(ωk) , ...,P
(
ωn f rq

)}
= 1/2 Re

{
diag

{
ĈT (K + jωD−ω

2M
)−1

BY
}}

. (12)

Application of the moment matching method based on Krylov subspaces with the SOAR algorithm onto the
equation 12, leads to the final system of reduced order

~P≈ 1/2 Re
{

diag
{

ĈT
r
(
Kr + jωDr−ω

2Mr
)−1

BrY
}}

, with Ĉr = V T Ĉ,Br = V T B, (13)

which is evaluated for each frequency point within the frequency range of interest. Due to the consideration of
multiple load patterns, multiple Krylov subspaces have to be calculated in order to define the global projection
matrix for the projection of equation 12. The global projection matrix V follows from the concatenation of all
Krylov subspaces, or in other words, the columnwise concatenation of all Krylov vectors as

V =
{
K(1), ...,K(m), ...,K(M)

}
=
{
~κ
(1)
0 , ...,~κ

(1)
r−1, ...,~κ

(m)
0 , ...,~κ

(m)
r−1, ...,~κ

(M)
0 , ...,~κ

(M)
r−1

}
, with m = 1,2, ...,M. (14)

The superscript (m) denotes the correspondence of the Krylov vectors to the respective Krylov subspace. One
Krylov subspace of prescribed order r is calculated by use of the SOAR algorithm for each load pattern. This
correlation is displayed in figure 2.
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Figure 2. Tree diagram for the multiple input reduction process of the electric motor.
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4 ELECTRIC MOTOR ANALYSIS
In the structural dynamics analysis, the undamped modes are calculated up to a maximum frequency of 20000
Hz. The motor structure is discretized with an unstructured mesh with quadratic tetrahedral elements. The
motor housing is supposed to be fixed to an artificial ground. The dynamic response of the motor struc-
ture is calculated in the consecutive structural harmonic response analysis under consideration of a constant
damping ratio of ξ = 0.002. The Fourier-transformed electromagnetic forces, which are already given from
previous work [11], yield as excitation. The first 30 rotational speed orders of five excitation spectra (nrot =
1500,6000,9000,12000 and 20000 rpm) are considered in this case. The structural harmonic response is calcu-
lated for an operation speed of 500 to 5000 rpm and in a frequency range from 30 to 10000 Hz. The results
of the structural dynamics analysis are passed to the harmonic acoustics analysis, which is carried out for a
frequency range of 30 to 5000 Hz. This frequency range is split into four frequency intervals f (i), guaranteeing
moderate sizes of the original system. The bounds of the considered frequency intervals and additional analysis
parameters are listed in table 1. The maximum acoustic frequency leads to a consideration of 75 structural
modes for the acoustic analysis, according to the common rule of thumb for modal superposition. A spherical
half-space is considered for the acoustic analysis. The acoustic domain is discretized with tetrahedral elements
of quadratic order with a resolution of six elements per minimum wavelength of each frequency interval. The
Sommerfeld radiation condition is considered by use of absorbing elements (FLUID130) on the truncated do-
main boundary. In total, 912 calculation points are considered for the generation of the Campbell diagram of
the electric motor demonstrator. The considered motor geometry is displayed in figure 3.

Table 1. Frequency intervals and corresponding data for the acous-
tic analysis of the electric motor.

frequency
interval (Hz)

f (1):
30-
300

f (2):
300-
1800

f (3):
1800-
3200

f (4):
3200-
5000

calculation points 74 396 239 203
DOFs 301681 276033 251515 371521
subspace order 50 55 65 80

Figure 3. CAD sketch of the analyzed
electric motor with supressed front cap.

A full-harmonic acoustic analysis with MDD yields the reference solution (subscript "ref"). The expansion point
for the model reduction process is located at the average value of each frequency interval. The analysis of the
electric motor is carried out using ANSYS Mechanical v.19.1 on a computer with Windows 8 operation system
and 120 GB RAM. 8 physical cores are used for parallel computation.

4.1 Campbell Diagram and Accuracy
The sound power results of the reduced-order model analysis of the electric motor are displayed in the Campbell
diagram in figure 4. Critical operation points can be identified from this diagram as exemplarily indicated. The
first eigenmode of the motor housing is excited at the indicated critical operation point. The application of the
developed model reduction procedure enables the complete evaluation of all radiated sound power values, while
reducing the total calculation time by approximately 35 % compared to the full-harmonic reference solution.
The accuracy of the results of the reduced-order model is exemplarily analyzed at specific rotational speed
points. The considered rotational speed points (nrot = 500,2250 and 4500 rpm) are marked in the Campbell
diagram with dashed black lines. The accuracy is evaluated in terms of the absolute error in the radiated sound
power level between the reduced-order model solution and the reference solution

|∆LW |abs = |LW −LW,ref|. (15)
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Figure 5. Absolute error in sound power level |∆LW |abs
in dB at specific rotational speed points: Lower graph
nrot = 500 rpm, middle graph nrot = 2250 rpm, upper
graph nrot = 4500 rpm.

The absolute error in the sound power level is shown in figure 5 for the chosen rotational speed points. The
reduced-order model shows good accuracy for all considered rotational speed points. A maximum error below
0.8 dB over the whole operation range is absolutely viable for industrial applications, as sound power level
variations below 1 dB cannot be perceived by humans. The increase in the maximum error with the frequency
is a result of the more complex radiation behavior of the electric motor at higher frequencies. Due to the fixed
number of Krylov vectors per frequency interval, the approximation capability of the reduced-order transfer
function is limited in accuracy in each frequency interval. The number of Krylov vectors is increased for each
frequency interval in order to ameliorate the transfer behavior approximation at higher frequencies (cf. tab. 1).

4.2 Composition of Reduced Model Calculation Time
The number of calculation points in a frequency interval as well as the number of Krylov vectors per load
pattern has a significant influence on the duration of the solution process of the reduced-order model. The
relative calculation times of the solution process of are analyzed in the following in order to highlight pos-
sible optimization potential of the presented approach. While the adapted output matrix Ĉ is calculated in a
preprocessing step, the reduced-order model solution process can be split into five steps:

• Decomposition of the frequency range of interest into frequency intervals (split frq. range)

• Generation of the load pattern matrix B (generation of B)

• Generation of the matrix of scaling factors Y (generation of Y )

• Projection process with by the global projection matrix V ; this step includes the LU-decomposition, the
calculation of the Krylov vectors and the actual projection process (projection)

• Evaluation of the radiated sound power with equation 13 (evaluation of LW )
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Figure 6. Relative elapsed time of the substeps forming the MOR solution process (MORsolve) for the harmonic
acoustic analysis of the electric motor demonstrator displayed for each frequency interval.

The relative calculation times of the above mentioned solution steps are displayed for each frequency interval
in figure 6. In case of the second and third frequency interval, a higher amount of time is needed for the gen-
eration of the matrix of scaling factors, due to the increased number of calculation points within these intervals
(cf. tab. 1). An increased amount of time is as well observed for the final evaluation of the sound power level
in the second, the third and the fourth frequency interval. On the one hand, the number of calculation points
also affects this substep, as it defines the final dimension of the resulting output vector. On the other hand,
the total size of the reduced system affects the time for this substep. The higher the maximum frequency of a
frequency interval is, the more Krylov vectors have to be calculated for each input load pattern, due to accuracy
reasons. The final evaluation of the sound power level takes more time for a reduced system of increased size.
The projection process necessitates most of the solution time for all frequency intervals. This is due to the fact
that one Krylov subspace of order r needs to be calculated for each individual input load pattern. The total
number of Krylov vectors per frequency interval depends linearly on the number of considered structural modes
and the chosen order for one Krylov subspace. This effect magnifies with increasing maximum frequency, as
more structural modes have to be considered as load patterns. Furthermore, the number of Krylov vectors per
load pattern has to be increased with the maximum frequency. This effect is well-displayed in the tree diagram
for the developed model reduction process (cf. fig. 2).

5 CONCLUSION AND OUTLOOK
This work presents a method based on model reduction via the moment maching method with Krylov sub-
spaces in order to analyze the noise emission of an electric motor. The method is validated against an electric
motor demonstrator. The application of the method reduces the total time until the motor’s Campbell diagram
is obtained by approximately 35 % compared to a full-harmonic acoustic analysis, while maintaining a good
level of accuracy. The relative calculation times for each substep of the solution process of the reduced-order
method is analyzed to reveal further potential for optimization. The projection process itself takes most of the
calculation time, as it incorporates the algorithm for calculating the Krylov vectors. An alternative, second-order
structure-preserving block Arnoldi algorithm could be used to calculate the Krylov subspaces. To the authors’
knowledge however, such a method does not exist yet. As all individual Krylov subspaces are independent of
each other, a singular value decomposition of the global projection matrix could reveal for further potential for
a deflation of the global projection space. This could reduce the overall size of the reduced system. A paral-
lelized computation of individual Krylov subspaces could enable considerable time savings. By this, multiple
subspaces are calculated at a time, instead of calculating each Krylov subspace sequentially.
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Abstract
Behind-The-Ear (BTE) hearing instruments are typically applied to assist people with a severe to
profound hearing loss. Accordingly, very high acoustic pressure levels can be obtained in the ear
canal of the wearer. At such levels, significant distortion is present, leading to a reduced sound qual-
ity. The distortion mainly originates from the balanced armature receiver driver, operated beyond its
linear limit. However, as the acoustic pressure level in the acoustic transmission system (basically
a set of tubes) can be much higher than 140 dB SPL, it is of interest to investigate the amount of
acoustic distortion caused by nonlinear wave propagation.
As such, this paper focuses on the prediction of the distortion due to the combined effect of visco-
thermal and nonlinear wave propagation. To simulate these effects in the tubes, a modified form of
the model of Chester is used. In this modified model, the viscothermal effects results in a half order
derivative of the acoustic pressure to time. This fractional derivative term is approximated using the
diffusive approximation, where attention is given to the linear wave dispersion error. The correct
implementation of the model is verified using a 2D full nonlinear compressible Computational Fluid
Dynamics simulation.
Keywords: Nonlinear, viscothermal, duct acoustics

1 INTRODUCTION
To transport the amplified signal from the receiver to the inner ear, a BTE hearing aid instrument
uses several tubes with relatively small diameter, in the order of 1 mm. Due to these small channels,
the acoustic wave propagation is subject to viscothermal losses. Moreover, for high amplitudes
nonlinear effects can result in additional distortion of the wave signal. The combined effects of
high-amplitude nonlinearities and viscothermal losses have the potential to deteriorate the speech
intelligibility. Therefore, for hearing aid instrument manufacturers it is of importance to understand
the combined impact of these effects. One way to get more insight into the combined effects is
by utilizing a full Computational Fluid Dynamics (CFD) simulation. This often involves a too high
computational cost. Hence, more simplified model is required. The focus in this work is on the
derivation and implementation of a one-dimensional model for nonlinear and viscothermal acoustic
wave propagation in these tubes.
The first one-dimensional (1D) nonlinear model which both incorporates viscothermal and nonlinear
effects has been developed by Chester [2]. This model is based on the boundary layer approxima-
tion, i.e. the viscous boundary layer δν [11] is small compared to the hydraulic radius of the tube.
It is not our intention to provide a complete overview of existing efforts in this subject. However,
as a good starting point, we would like to refer the reader to the work of Menguy and Gilbert [9]
and Sugimoto and Shimizu. [10].
In these models, the viscothermal effects return either into the governing continuity equation, or in
the governing momentum equation in the form of a fractional order derivative. A fractional order
derivative is non-local in time, and requires the full time history of the computation to evaluate.
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This is problematic in a numerical simulation, as the required amount of memory for the solution
will grow linearly with the simulated time. As a solution to this problem, Haddar et al. [4] pro-
posed a “diffusive approximation” to the fractional derivative. Using this diffusive approximation,
the evaluation of the fractional derivative becomes again local in time, at the cost of the evaluation
of extra degrees of freedom (DOFs) per grid point. Fortunately, the amount of extra DOFs is low.
It should be noted that for boundary layers which are thick compared to the hydraulic radius, the
fractional order derivative introduces a dispersion error, as it is derived by assuming a thin boundary
layer in the first place.
In this work, we will improve upon the evaluation of the diffusive approximation to minimize this
dispersion error for small tubes, especially at low frequencies. The 1D numerical model is imple-
mented in a general framework for Finite Element Analysis (FEA) and results are compared to a
full nonlinear CFD simulation.
In the next section, we will present the 1D model and its major assumptions. Using a dispersion
analysis we will show how to obtain required quadrature coefficients of the diffusive approximation.
We will shortly discuss the implementation of the 1D model. Section 3 provides a comparison of
results for this 1D model with 2D CFD results. We will finish with some conclusions and remarks
on future work in Section 4.

2 1D MODEL
Upon applying the following assumptions to the full compressible Navier Stokes equations for a
calorically perfect gas [7]:

• Laminar flow,

• Prismatic duct,

• Isothermal walls,

• Large aspect ratio (length in wave propagation direction, L is much larger than transverse
length scale (hydraulic radius, rh),

• Hydraulic radius is much larger than viscous and thermal penetration depth [11, p. 7],

• In the viscothermal boundary layer, viscous effects dominate the flow and nonlinear effects are
negligible, whereas in the main flow region, the viscous effects are negligible and nonlinear
effects can be of importance,

we can reduce the full system of equations to the following closed set of equations for the area-
averaged velocity u(x, t), and area-averaged pressure p(x, t) [10]:

ρ0

(
p
p0

) 1
γ
(

∂u
∂ t

+u
∂u
∂x

)
+

∂ p
∂x

= 0, (1)

1
γ p

(
∂ p
∂ t

+u
∂ p
∂x

)
+

∂u
∂x

+C
∂

1
2 p

∂ t
1
2
= 0, (2)

where ρ0 is the density of the gas in quiescent conditions, p0 the atmospheric mean pressure, γ the
ratio of specific heats, t time, x the coordinate in the direction of the duct length and C is defined
as:

C =

(
1+

γ−1√
Pr

) √
ν0

rhρ0c2
0
, (3)

in which Pr is the Prandtl number, ν0 the kinematic viscosity at quiescent conditions, and c0 the
speed of sound at quiescent conditions. The hydraulic radius is formally defined as rh = S/Π, where
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S is the duct cross sectional area, and Π the wetted perimeter. For a circular duct with radius R,

rh ≡ R/2. ∂
1
2 p

∂ t
1
2

is the half-order derivative of the pressure to the time, which is defined as

∂
1
2 p

∂ t
1
2
≡ 1√

π

t∫
0

1√
t− τ

∂ p
∂ t

dτ. (4)

In Eq. 4, it is assumed that p(x, t < 0) = 0. To compute the current value of ∂
1
2 p/∂ t

1
2 , the complete

time history of p(t) is required. As discussed in the introduction, this is an undesired property
for numerical computations. In the next section, we will treat an implementation which solves this
problem.

2.1 IMPLEMENTATION OF THE FRACTIONAL ORDER DERIVATIVE
Following Lombard and Matigon [8], a transformation can be made to write the fractional derivative
as

∂
1
2 p

∂ t
1
2
=

∞∫
θ=0

φ(t,θ)dθ , (5)

where φ satisfies
∂φ

∂ t
=−θ

2
φ +

2
π

∂ p
∂ t

, (6)

with φ(t = 0,θ) = 0. This is called the diffusive representation of the fractional derivative, due to
the similarity of Eq. 6 with, for example, Newton’s cooling law. On first sight, the main advantage
is that the evolution of φ is local in time (it contains only integer-order derivatives). And in case
of a second order finite difference scheme, only the previous time instance is required to be kept
in memory. However, to compute ∂

1
2 p/∂ t

1
2 requires the computation of an improper integral in the

θ -space.
In the diffusive approximation, the improper integral is estimated using a quadrature rule, on a fixed
set of L points:

∞∫
θ=0

φ(t,θ)dθ ≈
L−1

∑
`=0

µ`φ`(t), (7)

where µ` are the quadrature coefficients. Now, φ` evolves according to:

∂φ`

∂ t
=−θ

2
` φ`+

2
π

∂ p
∂ t

, `= 0...L−1, (8)

subject to the boundary condition at t = 0:

φ`(t = 0) = 0, `= 0...L−1. (9)

Now, the challenge is to find a proper set quadrature coefficients and points (µ`,θ`) for the estima-
tion of the integral of Eq. 5. Here, a trade-off has to be made between computational efficiency and
accuracy, as the higher L, the more variables need to be solved at each grid and time point in the
numerical scheme.

2.2 Diffusive approximation quadrature coefficients
Following Lombard, we could determine the quadrature coefficients by minimizing the dispersion er-
ror between the exact frequency domain fractional order derivative and the diffusive approximation.
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However, it is found that by doing this, for low frequencies, this results in a larger dispersion error,
when comparing to the viscothermal wave number. Notably, it is found that for tubes with a diame-
ter of 1 mm, this leads to a factor of 2 too low imaginary part of the wave number. The imaginary
part of the wave number is related to the damping of the acoustic waves. Therefore, we propose
to minimize the difference between the exact viscothermal wave number and the viscothermal wave
number based on the diffusive approximation.
By substituting the x-derivative of the small amplitude linearized version of Eq. 2 into the time-
derivative of the small amplitude linearized version of Eq.1 we can derive the following (lossy) 1D
wave equation:

1
c2

0

∂ 2 p
∂ t2 −

∂ 2 p
∂x2 +

(
1+

γ−1√
Pr

)√
ν0

rhc2
0

∂

∂ t
∂

1
2 p

∂ t
1
2
= 0, (10)

where Pr denotes the Prandtl number. Upon transforming Eq. 10 to the frequency domain using
e+iωt -convention, we can derive the following Helmholtz-like ordinary differential equation:

d2 p̂
dx2 + k2

[
1+
(

1+
γ−1√

Pr

)
1
rh

√
ν0

iω

]
p̂ = 0, (11)

where p̂(ω) is the Fourier transform of the acoustic pressure, k =ω/c0 and i=
√
−1. Here, the term

in front of p̂ can be recognized as an approximation to the square of the viscothermal wave number:
Γ2

approx. Applying the Fourier transform to Eqs. 7-8, it is found that the diffusive approximation has
the following frequency domain representation:

F

[
L−1

∑
`=0

µ`φ`(t)

]
≡ χ̃(ω)p̂(ω) =

L−1

∑
`=0

2iω
π

µ`

θ 2
` + iω

p̂(ω) , (12)

where F denotes the Fourier transform operator. Hence, in the diffusive approximation, we can
derive that the viscothermal wave number will be estimated as

Γapprox(ω) = k

√
1+
(

1+
γ−1√

Pr

) √
ν0

iωrh
χ̃(ω). (13)

For circular ducts, an exact solution (in the low reduced frequency limit) for this viscothermal wave
number is available for the viscothermal wave number, which reads [12, 3]:

Γcirc = k

√
1+(γ−1) fκ

1− fν

. (14)

where

f j =
J1

[
(i−1) 2rh

δ j

]
(i−1) rh

δ j
J0

[
(i−1) 2rh

δ j

] , (15)

in which Jn is the cylindrical Bessel function of the first kind nth order and δν , δκ are the viscous
and thermal penetration depth’s, respectively. They are defined as:

δκ =

√
2κ0

ρ0cpω
; δν =

√
2µ0

ρ0ω
, (16)

where κ0 is the thermal conductivity at quiescent conditions, cp the specific heat at constant pres-
sure, and µ0 the dynamic viscosity at quiescent conditions.
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Figure 1. Normalized error in the viscothermal wave number of the diffusive approximation with
optimized coefficients for µ` and θ` according to the objective function of Eq. 18, for different
values of L. The tube has a diameter of 1 mm (rh = 0.25 mm).

To find a set of quadrature coefficients, a set K frequencies ωk, spanning the range from f0 = 100 Hz
to fK−1 = 20 kHz is chosen, which are logarithmically spaced over this range, according to

fk = 100
(

20 ·103

100

) k
K−1

.

Next, the quadrature coefficients are obtained by minimization of the objective function J :

(µ`,θ`) =

{
(µ`,θ`) |min

µ`,θ`
J (µ`,θ`)

}
, (17)

where the objective function is defined as

J (µ`,θ`) =
K−1

∑
k=0

∣∣∣∣∣Γ2
approx(ωk)

Γ2
circ(ωk)

−1

∣∣∣∣∣ , (18)

To solve this nonlinear least squares problem, we have used the Trust Region Reflective algorithm,
as implemented in SciPy v1.2.1 [6]. The found optimal coefficients are dependent on L and K. It is
found that for increasing K, the found coefficients µ` and θ` converge to a certain value for given
L. For K ≈ 50, the optimal values for µ` and θ` are approximately independent of K.
Figure 1 shows the error in the wave number Γ as a function of frequency for different values of
L. As visible in this result, for L = 4, the error can be kept lower than 0.3% in the frequency range
of 100 Hz to 20 kHz.
It should be noted that the found coefficients which minimize the dispersion error are dependent on
the the hydraulic radius of the duct. This is due to the rh in the denominator in Eq. 13.

2.3 Numerical implementation of the 1D model
The 1D model has been implemented in numerical code which uses the FEniCS project [1] general
finite element framework. In this framework, the weak formulation of the 1D model is implemented
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p = p0 + p1 sin(2πft)

T = T0

(
pL
p0

) γ−1
γ

T = T0

u = 0

Figure 2. Schematic of the resonator geometry for CFD computations, including annotations of the
boundary conditions. For visibility, the y-scale is multiplied by a factor of 100.

using a quadratic shape functions and second order implicit time-stepping procedure and constant
time steps, for the variables p,u, and φ0 . . .φ3. To solve the nonlinear problem at each time step,
the Newton-Raphson algorithm is used.

3 COMPARISON WITH CFD RESULTS: λ/4 RESONATOR
In this section, we compare results of the 1D model with the full nonlinear compressible Navier-
Stokes model (CFD). To this end, a 2D duct has been generated with a length L corresponding to
a quarter wavelength: L = λ/4, where λ = c0/ f .

3.1 CFD model
We solve the full nonlinear system of equations using the rhoPimpleFoam solver, from the Open-
FOAM CFD suite, version 6.2 [5]. Figure 2 shows the geometry, including boundary conditions. On
the left side, the pressure perturbation is prescribed as a sinusoidal function of time. The according
temperature is computed using the adiabatic compression/expansion relation. The velocity is com-
puted from the model using a pressureInletOutletVelocity boundary condition. As a result,
the duct is driven in its λ/4 resonance, leading to a high amplitude (at least according to linear
isentropic acoustics) on the right side of the duct. The resulting amplitude on this side of the duct
is limited by the viscothermal and nonlinear effects.
The grid typically has 30 nodes in the x-direction, and approximately 12 nodes in the y-direction.
Attention has been given to put enough grid points in the viscothermal boundary layer. A grid study
has been performed to check for near grid-independence of the result. For the CFD model, it was
found that the time step has a strong influence on the amplitude computed on the right side. This
imposed a stronger restriction on the time step than the restriction based on the CFL condition. The
time step in these simulations is set to 0.1 µs.

3.2 1D model
As we are comparing for a 2D model, for the 1D model, the quadrature coefficients are determined
by using the parallel-plate formulation of the viscothermal Rott functions:

f j =
tanh((1+ i)rh/δ j)

(1+ i)rh/δ j
, (19)

which lead to slightly different values of µ` and θ`. We checked that the error we make with
Γapprox is in the same order as for the circular duct case. The time step has been chosen equal to
the time step used in the CFD computations, and the number of grid points equal to the number in
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Figure 3. Comparison of the pressure perturbation response at the right side of the resonator, for
p1 = 10,000 Pa, and f = 100 Hz. Left: result over the full simulation time. Right: zoom in on the
last period. The horizontal blue line denotes the pressure amplitude according to the Low Reduced
Frequency theory.
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Figure 4. Comparison of the pressure perturbation response at the right side of the resonator, for
p1 = 10,000 Pa, and f = 1000 Hz. Left: result over the full simulation time. Right: zoom in on the
last period. The horizontal blue line denotes the pressure amplitude according to the Low Reduced
Frequency theory.

the x-direction of the CFD model.

3.3 Results
We compare results for the computed pressure perturbation on the right side of the resonator, due to
pressure perturbation amplitude p1 on the left side. The number of periods has been chosen to find
a sufficiently periodic steady state. Due to the relatively high viscothermal damping, approximately
20 periods are sufficient to reach periodic steady state. The amplitude of p1 is set to 1·104 Pa, which
is such high that we expect nonlinear effects to impact the result. Figure 3 compares the result for
100 Hz. As visible, the amplitudes at the right side match quite well. As a reference, the horizontal
blue line denotes the amplitude expected from Low Reduced Frequency (LRF) theory, from which
we can derive:

|p̂R|=
∣∣∣∣ p1

cos(ΓL)

∣∣∣∣ , (20)

where p̂R is the pressure phasor on the right side of the resonator. Figure 4 shows the result for
the 1 kHz frequency. As visible on the right, the amplitude is significantly lower than for the linear
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LRF model. Moreover, the wave profile is quite distorted from a pure sinusoid. Besides of a small
phase shift, the 1D model matches quite closely with the 2D nonlinear simulation results.

4 CONCLUSIONS AND NEXT STEPS
We have presented a 1D numerical model to compute nonlinear viscothermal wave propagation in
narrow tubes / ducts. The model is implemented in a finite element framework and has been verified
using a full nonlinear compressible Navier Stokes simulation. The next steps are to compare results
for axisymmetric ducts and ducts with jumps in cross sectional area jumps, to finally arrive at a
model of the full BTE hearing aid system.
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Abstract
Geometrical shape is the most important parameter defining acoustic spectra. While adjoint-based sensitivity
analysis of shape alterations is a well established technique in other engineering disciplines such as airfoil
design, it is less common in acoustic and especially thermoacoustic contexts. Only recently the thermoacoustic
community has begun to deploy such methods for stability assessment. The present paper aims at continuing
this effort by discussing the challenges of domain shape deformations to adjoint-based gradient calculations
and a parameter-free implementation into a state-of-the-art thermoacoustic Helmholtz solver. Deformations of a
simple thermoacoustic system – a Rijke tube – will be studied as an example case to validate the method. Despite
this practical focus on thermoacoustics, the results of the paper are fruitful for other acoustic topics involving
stability analyses, as the underlying concepts readily apply to any eigenvalue problem linear or nonlinear in its
eigenvalue. Indeed, the gradient information calculated from first-order theory is the first building block for
efficient algorithms to optimize the shape of acoustic devices.
Keywords: adjoints, thermoacoustics, shape derivatives, eigenvalue problems

1 INTRODUCTION
The most influential parameter to acoustic resonance is shape and this paper discusses how to efficiently com-
pute the influence of shape deformations to thermoacoustic stability based on an adjoint method.
In gas turbine engineering a critical aspect is thermoacoustic stability of the combustor. This is the robustness of
the combustor against self-excited pressure fluctuations that arise from a constructive feedback of the fluctuations
of the rate of heat release in the flame and the acoustics of the combustion chamber. A linear modeling strategy
for this phenomenon is the use of a Helmholtz equation that is equipped with a term modeling the acoustic
feedback due to heat release [1]. It reads:

∇ ·
(
c2

∇ p̂
)
+ω

2 p̂+F(ω)∇ p̂|~xref
·~nref = 0 in Ω. (1)

Here, p̂ is the Fourier transform of the pressure fluctuation, c the local speed of sound, ω the complex eigen-
frequency, F(ω) is a function modeling the flame response linking the velocity fluctuation in the direction ~nref
at the point ~xref to the fluctuation in heat release rate in the flame and accounting for the thermodynamic prop-
erties of the flame. Ω denotes the considered domain. It is confined by its boundary ∂Ω at which impedance
conditions are set. Mathematically these are mixed-type boundary conditions

D(ω)p̂+∇p̂ ·~n = 0 on ∂Ω. (2)

where D is typically defined from a normalized impedance Z as D = iωc
Z and ~n denotes the outward-pointing

unit normal. The equations (1) and (2) present an eigenvalue problem. In contrast to an acoustic Helmholtz
equation, the thermoacoustic Helmholtz equation is highly non-linear in its eigenvalue, and non-self-adjoint due
to the flame response term and possibly due to the boundary conditions if they are not energy conserving). The
review [2] contains a recent overview on nonlinear eigenvalue problems and their mathematics.
How the eigenvalue ω depends on the domain Ω is the key question discussed in this paper. In particular, how
the eigenvalue changes with infinitesimal changes in the domain shape at first order is discussed. Such a change
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Ω(0)
distort

Ω(ε)

Figure 1. Illustration of a distortion of a domain. The domain for intermediate values of ε is not uniquely
defined. However, linear interpolation between 0 and ε is in many cases the most convenient way of defining a
distortion mapping.

is commonly referred to as shape derivative:

∂ω

∂ε
= lim

ε→0

ω(Ω(ε))−ω(Ω(0))
ε

. (3)

Here, Ω(ε) describes a family of domains smoothly governed by some parameter ε . An example of such a
distortion is depicted in Fig. 1.
Shape derivatives of eigenvalue problems have a long tradition. A classic example is the buckling of a column
problem (e.g. [3]). A general mathematical introduction to shape gradients and shape optimization can be
found in [4]. Sensitivity of eigenvalue problems is discussed in [5]. In the recent years, the thermoacoustic
community has applied adjoint methods to compute the sensitivity of the eigenvalue with respect to many design
parameters [6, 7]. Only little attention is paid to the domain shape. For instance, Aguilar et al. used low-order
network models for modeling longitudinal modes, i.e., configurations that are essentially one-dimensional. In
these models the length of a tube appears as an explicit modeling parameter, such that shape may be treated
like any other modeling parameter [8]. This approach can be extended to three dimensions by introducing
a parameterized discretization mesh. The parameters of which will then explicitly appear in the considered
equations. This is an idea that is used for instance in airfoil optimization using parameterized airfoil shapes
[9]. However, the current study follows an approach which does not require to incorporate the considered
deformations on the level of a computational grid; in that sense the approach is independent of a parameterized
mesh. The adjoint formalism presented can be, hence, easily implemented in an existing code base. The
mathematics follows the derivation in [10], but is simplified to be independent of the mode normalizations.

2 THEORY
In general, a linear operator L consists of differential operators defined in a domain Ω, with corresponding
boundary conditions valid on ∂Ω. In this report the notation

L p̂ :=

{
LΩ p̂ in Ω

L∂Ω p̂ on ∂Ω
(4)

will be used to distinguish between these two components of L.
Studying the eigenvalue problem

L(ω,ε)p̂ = 0 (5)

where ε is a parameter determining the domain shape, i.e., Ω = Ω(ε), is straightforward by means of perturba-
tion theory. Introducing the ansätze

ω = ω0 +ω1ε +h.o. t. and p̂ = p̂0 + p̂1ε +h.o. t. (6)

and the Taylor series expansion of L

L(ω,ε) = L(ω0,0)︸ ︷︷ ︸
:=L0,0

+∂ωL(ω,0)︸ ︷︷ ︸
:=L1,0

∆ω +∂εL(ω0,0)︸ ︷︷ ︸
:=L0,1

ε +h.o. t. (7)
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into the eigenvalue problem (5), yields

(L0,0 +L1,0ω1ε +L0,1ε)(p̂0 + p̂1ε)+h.o. t.= 0. (8)

Sorting for like powers of ε gives the first-order equation

L0,0 p̂1 +L1,0 p̂0ω1 +L0,1 p̂0 = 0. (9)

This is the standard first-order equation for the eigenvalue problem. The unknowns ω1 and p̂1 are found by
applying the inner product with the adjoint baseline solution p̂†

0.
The adjoint operator of L is commonly defined to satisfy

〈a|LΩb〉=
〈
L†

Ω
a
∣∣∣b〉+ const. ∀a,b, (10)

where const. originates from boundary integrals that result from an integration by parts. This constant is called
boundary conjunct in [10] and denoted in the following as

const. := [a|b]LΩ
. (11)

The boundary conjunct is typically used to specify the boundary conditions L†
∂Ω

for the adjoint equation by
demanding that the integration constant is vanishing. Such adjoint boundary conditions allow for a convenient
usage of the adjoint operator as subsequent calculations do not need to consider the constant. However, as the
discussion below shows, the boundary conjunct is required when the boundary itself is subject to a perturbation,
i.e., displacements of the boundary are to be studied using perturbation methods.

2.1 Expansion of the boundary conditions at first order
To see the effect of boundary displacement, we assume that for all points on ∂Ω(0) there is a mapping to
∂Ω(ε). This mapping is assumed to be one-to-one. Hence, locally we have for each point on ∂Ω(0) a trajectory
~x0 =~x0(ε), such that ~x0(ε) will be on ∂Ω(ε). These trajectories are not unique. Yet, with this notation1 we can
expand a function value for a point ~x0:

p̂(~x0(ε)) = p̂(~x0(0))+ p̂′(~x0(0))
d~x0

dε

∣∣∣∣
ε=0

ε +h.o. t. (12)

Using the expansion of a boundary value (12) at first order for a mixed boundary condition (2), we get the
following first-order expansion in terms of ε and ω:

0 =D(ω0)

(
p̂(~x0(0))+ p̂′(~x0(0))

d~x0

dε
ε

)
+∇

(
p̂(~x0(0))+ p̂′(~x0(0))

d~x0

dε
ε

)
·
(
~n(~x0(0))+~n′(~x0(0))

d~x
dε

ε

)
+D′(ω0)p̂(~x0(0))∆ω. (13)

At first order, this amounts to:

0 =D(ω0)p̂(~x0(0))+∇p̂(~x0(0)) ·~n(~x0(0))︸ ︷︷ ︸
=L∂Ω 0,0 p̂

+

(
D(ω0)p̂′(~x0(0))

d~x0

dε
+

(
∇

[
p̂′(~x0(0))

d~x0

dε

]
·~n(~x0(0))+∇ p̂(~x0(0)) ·

[
~n′(~x0(0))

d~x0

dε

]))
︸ ︷︷ ︸

=L∂Ω 0,1 p̂

ε

+D′(ω0)p̂(~x0(0))︸ ︷︷ ︸
=L∂Ω 1,0 p̂

∆ω.

(14)

1 Please note the usage of ()′ for a derivative, which is considered to be a row vector in cases of spatial arguments.
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From (9) we find the boundary condition to the first-order correction p̂1(~x):

0 =D(ω0)p̂1(~x0(0))∇ p̂1(~x0(0)) ·~n(~x0(0))+D′(ω0)p̂0(~x0(0))ω1

+

(
D(ω0)p̂′0(~x0(0))

d~x0

dε
+

(
∇

[
p̂′0(~x0(0))

d~x0

dε

]
·~n(~x0(0))+∇ p̂0(~x0(0)) ·

[
~n′(~x(0))

d~x
dε

]))
︸ ︷︷ ︸

=r1(~x0(0))

. (15)

All x0 are evaluated at ε = 0 which means this is a condition holding on the unperturbed surface:

D(ω0)p̂1 +∇p̂1 ·~n =−r1−ω1D′(ω0)p̂0 on ∂Ω(0) (16)

Because the perturbed boundary condition is formulated on the unperturbed surface, the approach presented in
this paper operates on the unperturbed domain only. This is the very reason why no parameterized mesh that
evolves with the perturbation parameter ε needs to be created. The deformation enters the problem statement in
terms of d~x/dε included in r1.

2.2 The boundary conjunct of wave equations
For the thermoacoustic Helmholtz equation, the boundary conjunct arises from an integration by parts of the
Laplacian. It reads

[a|b]
∇(·c2∇) =

∮
∂Ω(0)

c2
(

a ∇b ·~n−∇a ·~n b
)

dS. (17)

If a = p̂† and b = p̂, we find

[
p̂†∣∣p̂]

∇(·c2∇) =
∮

∂Ω(0)
c2
(

p̂† ∇ p̂ ·~n−∇ p̂† ·~n p̂
)

dS =−
∮

∂Ω(0)
c2
(

p̂† D(ω)p̂−D† p̂† p̂
)

dS !
= 0 (18)

Here D†(ω) denotes the function determining the adjoint mixed-type boundary condition. In order to make the
boundary conjunct vanish, the adjoint boundary condition needs to be specified by D†(ω) = D(ω).
With this specification, we find a particular formula for the boundary conjunct of p̂†

0 with p̂1:[
p̂†

0

∣∣∣p̂1

]
∇(·c2∇)

=
∮

∂Ω(0)
c2
(

p̂†
0 ∇ p̂1 ·~n−∇p̂†

0 ·~n p̂1

)
dS

=
∮

∂Ω(0)
c2
(

p̂†
0 ∇ p̂1 ·~n− (−D(ω0)p̂†
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0

(
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)
dS =−

∮
∂Ω(0)

c2 p̂†
0r1dS−ω1

∮
∂Ω(0)

c2 p̂†
0D′(ω0)p̂0dS

=−
〈

p̂†
0

∣∣∣r1

〉
∂

−ω1

〈
p̂†

0

∣∣∣D′(ω0)p̂0

〉
∂

.

(19)

Note, that the boundary conjunct consists of surface integrals of quantities that are derived from the known
baseline solution p̂0 and p̂†

0. Hence, the computation of the boundary conjunct is numerically cheap.
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2.3 A first-order formula for shape sensitivity
Taking the inner product of (9) with the adjoint solution, we get〈

p̂†
0

∣∣∣LΩ0,0 p̂1

〉
+
〈

p̂†
0

∣∣∣LΩ1,0 p̂0

〉
ω1 +

〈
p̂†

0

∣∣∣LΩ0,1 p̂0

〉
= 0 (20a)

⇒

〈
L†

Ω0,0 p̂†
0︸ ︷︷ ︸

=0

∣∣∣∣∣∣∣p̂1

〉
+[p̂†

0|p̂1]LΩ
+
〈

p̂†
0

∣∣∣LΩ1,0 p̂0

〉
ω1 +

〈
p̂†

0

∣∣∣LΩ0,1 p̂0

〉
= 0 (20b)

−
〈

p̂†
0

∣∣∣r1

〉
∂

−ω1

〈
p̂†

0

∣∣∣D′(ω0)p̂0

〉
∂

+
〈

p̂†
0

∣∣∣LΩ1,0 p̂0

〉
ω1 +

〈
p̂†

0

∣∣∣LΩ0,1 p̂0

〉
= 0 (20c)

Unlike for perturbations of equation parameters, p̂1 is not completely vanishing from the equation as it still
appears in the boundary conjunct [p̂†

0|p̂1]LΩ
. However, on the boundary ∂Ω(0), the first-order drift p̂1 can be

inferred from the boundary displacement – see eq. (19) – and is thus known. Hence, the above equation allows
determining the eigenvalue drift at first order:

ω1 =−

〈
p̂†

0

∣∣∣LΩ0,1 p̂0

〉
−
〈

p̂†
0

∣∣∣r1

〉
∂〈

p̂†
0

∣∣∣LΩ1,0 p̂0

〉
−
〈

p̂†
0

∣∣∣D′(ω0)p̂0

〉
∂

. (21)

2.4 Implementational questions
The term r1 contains first and second order derivatives, which are to be integrated over the unperturbed domain
surface. In this study, we use second-order tetrahedral finite elements, which allow computing these quantities
on the triangles forming the discretized domain surface. For the Bubnov–Galerkin finite elements utilized,
the discrete and the continuous adjoint formulation, i.e. first deriving the discretization and then adjoining the
operators or vice versa, amount to the same discretization matrices for the adjoint equations. However, the
utilized computational scheme applied to obtain the examples below is a continuous adjoint approach, because
the sensitivity is computed from the continuous formulation (21). Indeed, any approach utilizing the boundary
conjunct must be classified as continuous adjoint, as after the discretization the differential operators become
matrices and there would not be any concept of a boundary conjunct. This is opposed to the discrete adjoint
approaches using parameterized meshes to enable shape sensitivity analysis. An obvious major benefit from
the continuous strategy is that there is no need to incorporate the deformations on the mesh-level, which would
require specialized software, and restrict the variety of applicable mesh types. We emphasize that the Rijke tube
example below uses an unstructured tetrahedral mesh, which has not been processed any further to conduct the
analysis, see Fig. 2.

3 Example
As an example, we consider a tubular duct that features a zone of heat release in its interior. Such Rijke-tube
configurations are commonly used as minimum working examples in the thermoacoustics community, e.g. in
[1]. The Rijke tube studied here features a length of 0.5 m and a radius of R = 0.025 m. All boundaries except
the outlet are considered closed (i.e. soundhard)2 the outlet is open (i.e. sound soft). The speed of sound in the
first half of the tube is set to 347 m/s; 695 m/s are specified in the second half of the tube. An n–τ-model
describes the flame dynamics

F(ω) = nexp(−iωτ) (22)

where n is chosen to model the temperature jump for a medium with the same properties of air and τ is 1 ms.
The zone of heat release is set in the middle of the tube with the reference point being at the center axis
0.005 m upstream of the middle of the tube.

2A sound-hard boundary condition is a simple model for sonic flow at the inlet.
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Figure 2. Computational grid used for the example. The lower row shows the inlet (left) and outlet (right)
surface.

Two eigenmodes, #M1 and #M2, are considered in this article; they are depicted in Fig. 3. As examples,
distortions of the inlet and the outlet surface are studied. Two different distortion mappings are considered. The
first one simply stretches the tube in the axial direction while the second one transforms the flat surface into a
paraboloid. The two mappings are mathematically expressed as

~x 7→~x+ εR~ez (23)

for the shift and

~x 7→~x+ ε(R− (x2 + y2))~ez (24)

for the paraboloid. The two mappings are of comparable order, as the paraboloid is designed such that a point
on the center axis of the tube is displaced exactly in the same manner as when applying the planar shift.
Table 1 lists the shape sensitivities obtained from the adjoint method for various combinations of mode, dis-
tortion and considered surface. For comparison, shape sensitivities computed using a first-order forward finite
difference scheme are also listed in the table. To obtain these results, new meshes were generated from the old
ones by slightly displacing the grid points on the considered surfaces according to the distortion mappings (23)
and (24). The finite difference step size was ∆ε = 1E− 9. Because the displacements are defined to shift the
considered surfaces in the direction of the z-axis, application to the inlet and the outlet will shorten and lengthen
the tube, respectively. This is in accordance with the computed sensitivities in the frequencies (real(ω)) and ex-
plains the opposite trends for the sensitivities obtained at the inlet and the outlet. Because the two displacement
types are similar at first order, their sensitivities are also very similar.
However, for all reported cases the finite difference and the adjoint method show excellent agreement. The
minor difference in the two methods can be attributed to a discretization error as the adjoint method discussed
here follows a continuous adjoint approach. Yet, the results validate the approach.

CONCLUSIONS
Adjoint-based computation of the shape gradient in a Rijke tube has been presented. Comparison of the results
with finite-difference-approximations show good agreement. Compared to such traditional methods the adjoint-
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Figure 3. Unperturbed modes considered in the example.

Table 1. Comparison of adjoint-based results and finite difference estimates of the shape sensitivity in 1/s

case domain distort mode adjoint finite difference
#T1 outlet paraboloid #M1 −6.1556−4.054i −6.095−4.060i
#T2 outlet paraboloid #M2 −7.162+19.980i −7.138+19.926i
#T3 inlet paraboloid #M1 6.554+7.103i 6.611+7.199i
#T4 inlet paraboloid #M2 61.136+18.361i 61.904+18.598i
#T5 outlet shift #M1 −6.236−4.107i −6.195−4.086i
#T6 outlet shift #M2 −7.255+20.240i −7.218+20.187i
#T7 inlet shift #M1 6.638+7.195i 6.71+7.286i
#T8 inlet shift #M2 61.923+18.597i 62.753+18.888i

based formulation requires only one solution of the direct and one solution of the adjoint problem, thereby
considerably saving computational effort for the solution of nonlinear eigenvalue problems and costly remeshing.
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ABSTRACT 
Sound propagation in auralizations can be simulated with geometric or wave-based models. Each one offers 
particular advantages and disadvantages. Geometric models lead to the ray tracing method and the image 
source method. Both methods achieve good results for high frequencies and are efficient in large rooms with 
complex structures, but are not able to represent in a simple manner specific wave phenomena, such as 
diffraction. Typical wave-based models such as the finite element method, the boundary element method, or 
the finite difference method are characterized for achieving very precise results for individual frequencies 
applied to small and moderately sized rooms. A typical disadvantage is the need for high computing power, 
mainly due to the necessity of running separate simulations for individual frequencies because of numerical 
dispersion. In this paper, auralizations with the k-space pseudospectral method are explored since it is 
possible to reduce or eliminate the problem of numerical dispersion with this technique. For certain 
conditions, complete range impulse response can be obtained from a single simulation execution. The room 
response, including diffraction and diffusion is analyzed for different scenarios. 
 
Keywords: Auralization, Pseudospectral Method, Numerical Methods 

1. INTRODUCTION 
Auralization is defined as the technique of creating audible signals from numerical methods based 

on simulated or measured data that describes an acoustic space, sources and listener positions  (1). A 
first approach to auralization included physical scale models (2). The process is based on obtaining the 
impulse response of an acoustic space. This requires establishing a point in the acoustical space where 
the source will be. A mathematical model is also necessary to represent the acoustic space in which to 
simulate the sound propagation as well as the information related to the location of the receiver and its 
characteristics.The impulse response of the model is usually obtained from processes based on either 
geometrical or wave-based models, each with its own particular advantages and disadvantages.  
Strictly speaking, the ecogram resulting from geometrical models does not include all the expected 
characteristics of an impulse response, since specifically wave-based phenomena are not 
straightforwardly taken into account. 

Among wave-based models, the finite element method (FEM) and the boundary element method 
(BEM) are worth mentioning. These are characterized for achieving very precise results for single 
frequencies on small or medium sized rooms (1). These methods solve differential equations by 
discretizing continuous variables, but, in turn result in unwanted numerical dispersion. In practice, this 
hinders the study of cases in which the source radiates a complex audio wave (for example, spoken 
word) or an impulse, therefore, they are limited to individual frequencies. To obtain the impulse 
response, the complex task of independently solving individual frequencies or narrow frequency bands 
is required, to later be combined into the total impulse response. This entails a considerable increase in 
the total computation time. 

This paper proposes the usage of a different method for solving wave propagation differential 
equations in order to produce auralizations. The k-space pseudospectral method could make possible 
simulations for both complex audio waves and an impulse in a single run, deeming it an interesting 
alternative to traditional wave-based methods. 

                                                        
1 jorgepetrosino@gmail.com 
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2. COMMONLY USED METHODS 

2.1. Geometrical acoustics 
For geometric models to be considered adequate wavelengths are required to be smaller than the 

surfaces on which sound bounces. Therefore, the assumption that sound waves can be treated as energy 
rays establishes considerable restrictions on the frequency range, since for the influence of small 
irregularities to be taken into account such simulation would be limited to very high frequencies.   The 
turning point between wave and ray behavior is gradual and difficult to determinate for a single 
frequency number but complementary processes to simulate phenomena such as diffraction and 
diffusion can be additionally employed.  

The assumption that a range close to Schroeder’s frequency can be considered as a lower limit for 
geometric methods is widely accepted. Due to the great superposition of room modes and diffuseness, 
certain variables can be considered of a statistical nature (4, 5, 6). The image source method is not 
suitable for curved surfaces, diffuse reflection, diffraction, or for complex rooms that represent hidden 
image sources. Interference can be simulated using additional running time phase, nonetheless, this is 
not precise on low frequencies where geometric methods are not valid.   

For characteristics that depend on frequency (like absorption or diffusion) ray tracing must be done 
for each frequency band of interest separately to then be convolved with any audio file. This produces 
a signal representative of what a listener would perceive on the location of choice.  

2.2. Wave-based models 
On the other hand, wave-based models are not frequency limited, but difficulties arise when 

managing low computational times and defining physical elements with accuracy. FEM and BEM 
models are not limited on room geometry, diffraction, diffusion or interference but  the elements 
represented on the models are based on their physical properties, such as medium density, medium 
propagation speed or compressibility. Simulation efficiency and accuracy is strongly related to 
discretization resolution and equation solver choice. In regards to auralization, these methods are more 
commonly used for simulating low frequencies in small and medium-sized rooms; due to the 
computational effort they require (7). 

One of the main problems of numerical methods lays on the fact that differential equation solvers 
exhibit numerical dispersion resulting from wavelength related discretization error (8). This, in turn 
produces the unwanted and un-physical effect of propagation speed varying with frequency. This 
forces simulations to be carried out for single frequencies at a time and later be combined into the final 
room impulse response.  

It is noteworthy that either, geometrical or the formerly mentioned wave based models, usually 
require, for different reasons, multiple simulation runs to produce a complete impulse response . As 
Aretz and Cols clearly state (9): "…simulation results were calculated for frequencies ranging from 
200Hz to 2.5kHz in frequency steps of 1Hz…". Since computation time is directly proportional to the 
number of frequency steps and assuming a computation time of 5 minutes per frequency (1) this would 
take 190 continuous computation hours. 

From a computational point of view, a viable method that made this possible in a single run could be 
an interesting alternative to already in use methods, even if such method did not offer any particular 
advantage in a strictly computational sense. 

3. K-SPACE PSEUDOSPECTRAL METHOD 
Spectral methods are a class of numerical techniques that solve differential equations. They are 

based on the principle that a solution can be obtained as the sum of certain basic functions ( for example, 
sine functions) to then calculate suitable coefficients for the differential equation (10). 

They are closely related to finite element and finite difference time domain methods (FDTD). The 
principal difference is that spectral methods use basic functions that are solved for the whole domain, 
while for other methods functions are solved across small subdomains. It could be argued that spectral 
methods use a global approach instead of a local approach (11, 12). 

Pseudospectral methods are a sub-class of spectral methods that have been adapted to represent 
functions on a uniform rectangular grid, which simplifies how certain operators are evaluated and 
increases computation speed by applying the Fast Fourier Transform. The level of precision between 
spectral and pseudospectral methods is very similar (13, 14). 
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For acoustic wave propagation, variations of pressure, density, temperature, and particle velocity 
among others take place. Those variations can be described by coupled first order differential 
equations related to conservation of medium mass, energy and momentum. In acoustics it is common 
to combine these equations in relation to a variable (sound pressure or particle velocity) resulting in a 
second order differential equation. 

The k-space pseudospectral method can be applied to simulate sound wave propagation by solving 
the coupled first order differential equations instead of the second order version (15). There are two 
reasons behind this. Firstly, it makes possible the inclusion of mass and force sources quite 
straightforwardly. In second place, because it enables the use of a special anisotropic Perfectly 
Matched Layer (PML) in order to greatly reduce computation time by reducing grid size, in 
comparison to other similar methods (16). 

The k-space pseudospectral method has been greatly utilized on the last few years on biomedical 
applications related to ultrasonic wave propagation on tissue (17, 18). It has also been used to study 
alterations on mechanical wave propagation produced by the variation on atmospheric temperature  
(19). Not many examples of this method applied to room acoustics are to be found (20). 

By solving the coupled first order differential equations separately, different operators can be used 
to reduce numerical dispersion enough for broadband simulation to be practical. Pseudospectral 
methods replace the spatial gradient calculation by FDTD usually used in other methods with the 
Fourier collocation method. This, in itself, reduces numerical dispersion for the spatial gradient but 
not for the temporal gradient. Nonetheless, this can be corrected for a homogeneous medium up to the 
Nyquist frequency employing a different operator (21). 

About less than a decade ago Treeby, Cox (University College London) and Jaros (Brno University 
of Technology) developed a MATLAB toolbox named k-Wave that efficiently utilizes the k-space 
pseudospectral method. The toolbox was designed for acoustic wave propagation on the time domain 
for complex media. Specifically, simulates ultrasonic waves in biological tissue for medical imaging 
(22). An unlimited number of sound sources can be arbitrarily defined using any kind of MATLAB 
function with relative ease. Simulations can be carried out in one, two and three dimensions, 
combining pressure and velocity sources interchangeably. Pressure and particle velocity sensors can 
be arbitrarily placed in any and all grid points without noticeable computation impact, since the 
method solves the equations for the entire grid anyway. Besides, medium density, propagation spee d 
and attenuation coefficients can be defined for any and all grid points independently.  

These aspects are sufficiently interesting to begin an exploratory analysis on pseudospectral 
method oriented auralizations based on producing a complete impulse response with a single 
simulation. 

4. SIMULATION PARAMETERS AND CONSTRAINTS 
Similarly to FEM, pseudospectral methods solution stability is evaluated by the CFL (Courant - 

Friedrichs - Lewy) coefficient shown in Eq. (1) that describes the rate at which a wave travels across 
two contiguous grid points over two interleaved time points. 

 (1) 

Different numerical methods require different CFL values. An example of CFL = 0.3 with 2 grid  
points per wavelength on pseudospectral methods would require a Δt step five time less stringent than 
FDTD of equal CFL value with 10 grid points per wavelength (23, 24). Simulations were carried out 
with a value of CFL = 0.3 for managing a reasonable balance between precision and computation time 
for homogeneous and slightly heterogeneous media. Internally K-Wave utilizes a Δt obtained by Eq. 
(2). 

 (2) 

Considering CFL = 0.3, Δx = 1 cm,  = 343 m/s, results in Δt = 8.75 μs. This Δt is not the same 
sample period usually used in audio processing. The maximum valid frequency for temporal functions 
corresponding to sources and simulated recordings is obtained by Eq. (3), where  is the minimum 
medium propagation speed. 
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 (3) 

5. IMPULSE PROPAGATION IN 3D SPACES 
 
A three-dimensional space of 128 x 128 x 128 grid points was defined for simulations with more 

than 16 million nodes in total, representing a cubic acoustic space of 2.56 m. A spatial discretization 
resolution of 2 cm for each spatial dimension was defined. The maximum valid frequency obtained by 
Eq. (3) was 8575 Hz. The center of the space is considered the coordinate origin in all three 
dimensions. 

Propagation of an impulsive signal was simulated for a free field open acoustic space. An acoustic 
pressure point source was positioned at the coordinates (0 m; -1 m; 0 m), and an omnidirectional point 
pressure sensor located at (0.5 m; 0.5 m; 0.5 m). The distance between source and sensor was of 1.66  
m. The source was defined in the k-Wave toolbox as a dirichlet type source. This means that the source 
output is forced to have a time evolution that exactly matches the given signal, in this case, an impulse.   

 
Figure 1 – a) Impulse propagation. Point sensor (black dot on the left) and point source (right); b) Time plot 

of the impulse response; c) Spectrum of the impulse response 

 
Computation time on a personal computer (i7 series 3.4 GHz processor with 16 GHz of RAM) was 

of 17 min. Figure 1b shows the frequency response of the pressure recorded at the sensor. Ideally the 
recording would have a constant spectral modulus for all frequencies. The former equations predicted 
a maximum valid frequency of 8575 Hz for the simulation. Above this value simulation stability 
lowers at a great rate as frequency increases. Filtering the emitter beforehand is recommended and 
results in a very smooth frequency response with a marginal variation close to  (Figure 1c). Since 

 is proportional to discretization level different choices of  and  directly relates to higher or 
lower values of . This must be taken into account as a simulation parameter and chosen 
accordingly to what is being simulated since it has a direct impact  on total computation time. 

The computation time reported above only considers enough time for the simulated impulsive wave 
to reach the sensor as proof of concept compared to FEM. For an actual auralization a higher 
computation time is expected. More simulation time would be required for multiple reflections to 
reach the sensor from surfaces across the room. In any case, computation time is less than the expected 
by individually simulating such a great range as 8.5 kHz with other methods. 

6. SIMULATION 

6.1. Complex wave propagation in 2D 
As previously stated, the auralization process is based on obtaining the room response to then 

convolve with any audio signal. This produces an audio file with similar characteristics as to what a 
listener would perceive at the simulated receiver’s position.  

Clearly, simulating just the propagation of an impulse is far more computationally efficient than 
simulating the propagation of an entire musical or spoken program. For an impulse, it is only necessary 
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to simulate enough time for reflections to decay to an acceptable level. This is independent of the 
musical program duration. Convoluting the desired signal with an impulse response generates similar 
final results. For doing this, the entire system is required to be linear time-invariant (LTI) to the input 
signal. System input is the signal emitted by the source, the output being the record and the system the 
entire space on which waves propagate. 

With a k-space pseudospectral method it is possible to evaluate the propagation linearity of th e 
system. This was tested by obtaining an auralization of the spoken word ‘hello’ previously recorded on 
an audio file by simulating the propagation in 2D of the entire signal directly as the source’s input and 
then comparing it to the auralization produced by impulse response convolution. 

Propagation of complex audio waves is not possible with traditional methods but it is feasible with 
pseudospectral methods. Simulating the propagation of an entire complex program has an 
unreasonably high computational cost, for this reason, it was decided to simulate only two dimensions 
of propagation for the test. In the 2D simulations space resolution was set to 1 cm, rising the maximum 
frequency for audio signals. 

6.2. Direct propagation of an audio file 
A homogenous medium (air) was defined with  and  being equally 343 m/s. The resulting 
 = 17150 Hz. The simulated space was of 2.56 m by 2.56 m. (256 by 256 elements). A source was 

located at coordinates x0 = 0 m; y0 = - 1 m and a pressure sensor at at x0 = 0 m; y0 = 1 m. The source was 
defined as type dirichlet (forcing the output to match as closely as possible the input signal). Only 
propagation was tested, therefore no obstacles are present.  

 
Figure 2 – a) Wave propagation for a given instant in the simulation; b) Time plot of original emitted audio 

and wave recorded at the sensor 
 
The source time evolution was defined by the spoken word file. The recording was comprised of a 

brief word (hello) with a time span of 317 ms and a sample rate of 48 kHz. Since k-Wave works with 
a Δt much lower than the audio, sample period resampling was required to match the simulation 
parameters. The MATLAB function resample was used to sample it up to 114 kHz. 

The simulation time required for the propagation of the entire program to reach the sensor 2 meters 
away took 4 min of computation time for a personal dektop computer (i7 series 3.4 GHz processor with 
16 GHz of RAM). Figure 2a shows shows wave propagation. Figure 2b displays the time plots of the 
emitted and received waves. It can be noted a brief delay at the beginning of the recorded wave which 
agrees with the propagation time required to travel the 2m distance between source and sensor.  The 
resulting signal was played directly in MATLAB. Reproduction was audible clear with a slight 
increase in the lower frequencies, as it is expected by the use of dirichlet type source in 2D spaces. 

6.3. Audio convolution with the impulse response 
For the second simulation the former setup was maintained but an impulse source was used instead. 

A slightly longer than the necessary for propagation was chosen for simulation time (6.3 ms). In this 
case computation time was of 6 seconds. Figure 3 shows the time plot of the impulse response. The 
amplitude raise at low frequencies is related to propagation in 2D spaces but not on 3D ones as seen in 
the proof-of-concept simulation. 
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Figure 3 – Time plot and spectrum of 2D impulse response  

 
The impulse response was convolved with the original audio sampled up to 114 kHz (to maintain 

the k-Wave internal Δt). The resulting signal was again clear and perfectly comprehensible audio with 
the same slight increase on the lower frequencies. As expected, a short delay of about 6 ms identical to 
the previous simulation is present. 

6.4.  Wave phenomena 
Simulations were carried out to test the performance of k-Wave to simulate wave propagation in 3D 

spaces. Two scenarios were used to simulate wave phenomena in non-suitable contexts for geometrical 
models. First, a rigid surface with a single hole, and second, the reflection pattern on a Schroeder 
diffuser.  

6.4.1. Scenario a - Diffraction 
An ideally rigid surface with a square aperture was simulated. To achieve a compromise between 

computation time and simulation accuracy a spatial resolution  = 2 cm was defined for a grid of 96 
x 96 x 64 points that represented a volume of 1.84 m by 1.84 m by 1.28 m. The resulting  = 8575 
Hz. The aperture of width W = 12 cm was 4 cm deep. Multiple cases for incident waves of different 
frequency were simulated. 

An incident plane wave of f = 4 kHz was generated. The diffraction pattern is shown in Figure 4. 
The effects of increase λ in relation to width W are show in Figure 4c (on the rigth). 

 
Figure 4 – Horizontal and vertical projection of the model. 

6.4.2. Scenario b - Diffusion 
A Schroeder diffuser of N = 7 for 800 Hz was simulated using the same parameters as in the 

diffraction scenario. The diffuser was defined as an ideally rigid body shaped. It was 24 cm wide by 12 
cm deep and infinitely long to avoid diffraction on the edges other than the axis of diffusion. Multiple 
cases for incident waves of different wavelength were simulated (λ/W=5.7; λ/W=2.8; λ/W=1.4; 
λ/W=0.7). Incident energy is scattered in different directions as the wave reflects on the irregular 
surface of the diffuser. Diffusion results are based entirely on the geometric distribution of wells, their 
length and shape. Figure 5 shows a horizontal projection of the waves and a polar plot of the energy 
distribution obtained. 
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Figure 5 – Wave reflection on a Schroeder diffuser 

7. CONCLUSIONS AND FUTURE WORK 
Results suggest that the k-space pseudospectral method may be suitable for use in auralizat ions. 

The principal advantage relies on the use of impulsive sources with broad range of frequencies. The 
tests carried out show that it is possible to obtain an impulse response in just one computation run.  
The propagation of a complete audio wave compared with the propagation of an impulse and later 
convolution is consistently to what is expected of LTI system. The transfer function of the simulation 
system is practically flat for three dimensions with a frequency range adequate for audio application. 
For simulation on two dimensions an increase in level for low frequencies is found but could be 
compensated by filters. 

The method is capable of representing wave phenomena but a more detailed analysis must be 
carried out to determinate how much agrees with physical behaviour under simulation constraints.  

Preliminary tests have been carried out in larger room including a variety of reflecting surfaces 
configurations that render interesting results. This must be verified and submitted to careful 
examination before being reported. 

Different materials could be simulated based on density, propagation speed and absorption to 
simulate wave propagation in more complex conditions. A greater exploration of method limitations 
must be carried out to verify if this does not hinder the advantage of simulating impulses  on just one 
simulation run. 
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ABSTRACT 

Sound onsets are long known to provide important cues for musical instrument identification by human 

listeners. It has yet remained unclear whether this circumstance rests on perceptual or acoustical grounds:  

Are listeners utilizing informative features that are only available in the onset, or are there equally 

informative acoustic features throughout sounds that listeners tend to ignore because of their redundancy? 

Here we approach this question by using the automatic speech recognition-based simulation framework for 

auditory discrimination experiments (FADE) [Schädler et al., 2016, JASA] to model data from a recent study 

on instrument identification [Siedenburg, under review, JASA]. There, listeners were tasked to identify 

Western orchestral instruments from 64 ms segments extracted from the onset or from the middle portion of 

the sounds. In the present study, instrument identification is modeled using FADE with three different feature 

sets: Log-Mel spectrograms, Mel-Frequency Cepstral Coefficients, and separable Gabor filter bank features 

(SGBFB). Results indicate that all three feature sets yield a strong decrease of classification performance for 

the middle portions of the sounds. This suggests that the utility of onsets for sound identification may not be 

based on specific properties of human auditory perception but on the particular acoustic richness of sound 

onsets. 

 

Keywords: Musical instrument recognition, auditory modeling, attack transients  
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ABSTRACT 
Evidence from acoustical modeling and multidimensional scaling of timbral brightness dissimilarity and 
general timbre dissimilarity ratings of natural instrumental sounds [Saitis & Siedenburg, in prep.] suggest 
that the brightness dimension in the general timbre dissimilarity space is not “purely” spectral. Specifically, 
when two sounds have very similar centroids of spectral energy distribution but different onset characteristics, 
listeners appear to employ temporal or spectrotemporal cues from the latter to resolve brightness judgments. 
This finding seems to challenge the typical approach of seeking acoustical correlates of timbral brightness 
only in the spectral envelope of the steady-state portion of sounds. Furthermore, it relates to the fact that 
acoustic instrument sounds exhibit an inherent correlation of spectral and temporal features. To further 
investigate the specific acoustic and cognitive factors that affect brightness ratings of musical tones, it was 
examined how timbral brightness is perceived for highly controlled sounds. Twenty musically experienced 
listeners performed a MUSHRA-like task involving synthetic harmonic complexes varying along three 
parameters: spectral centroid, log attack time, and fluctuation of spectral centroid over the first 100 ms. The 
latter models the progressive expansion of the spectrum toward the higher harmonics. A linear mixed model 
analysis confirmed the predominant role of spectral centroid in determining perceived brightness, but an 
influence of asynchrony in the rise of harmonics was also observed: When two sounds with identical spectral 
centroids and attack times varied in the “arrival” of higher-harmonic energy, faster-appearing upper 
harmonics tended to lead to higher brightness ratings. Log attack time did not seem to singlehandedly affect 
the perception of brightness, but its interaction with harmonic rise asynchrony appears to be of relevance to 
the listener. Overall, this experiment will help to clarify the relation between two major factors in timbre 
perception: onset and spectral energy distribution. 
 
Keywords: Timbre perception, Timbral brightness, Attack transients 

ACKNOWLEDGEMENTS 
Kai Siedenburg has received funding from the European Union’s Framework Programme for 

Research and Innovation Horizon 2020 (2014-2020) under the Marie Skłodowska-Curie Grant 
Agreement No. 747124. 

                                                        
1 charalampos.saitis@mail.mcgill.ca 
 
 

5506



Non-iterative, conservative schemes for geometrically exact nonlinear string
vibration

Michele DUCCESCHI(1), Stefan BILBAO(1)
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Abstract
This work presents novel finite difference schemes for the solution of the geometrically exact nonlinear model of
wave propagation in strings. Stability is enforced by ensuring conservation in the discrete setting. The schemes
are here derived from a suitable quadratisation of the nonlinear potential, yielding ultimately a non-iterative
update equation requiring the solution of a sparse linear system per time step. Comparison with previous iterative
schemes is carried out, showing convergence to a unique solution. The new schemes are extremely efficient,
yielding speedups of about half an order of magnitude over previously available schemes.
Keywords: Finite Difference Schemes, Energy Methods, Nonlinear Wave Equation, Piano Acoustics

1 INTRODUCTION
Computer simulation of nonlinear phenomena is a subject of growing interest in acoustics and musical acoustics.
Though linear models are adequate in many situations, exceptions are many: in one dimension, a nonlinear wave
equation is required to fully capture the behaviour of piano strings, for instance. When it comes to simulation,
the algorithm designer is faced with two main concerns: one is ensuring convergence of the schemes; the other
is efficiency. Among the usual approaches in numerical simulation for nonlinear systems are iterative schemes,
obtained via discretisation methods such as the bilinear transform (i.e. the trapezoid rule.) These techniques
lead to stable and convergent schemes, but can be quite inefficient, especially when solving for distributed
nonlinearities such as those occurring in a piano string. Recently, a new class of methods has been proposed,
relying on a suitable quadratisation of the nonlinear potential energy. Such methods appeared first in virtual-
analog simulation (1, 2, 3), and have been extended to include the case of non-invertible potentials (4, 5, 6), and
here to the case of a fully distributed nonlinearity. Applications in fluid dynamics have also been devised (7).
The proposed schemes ultimately lead to update equations which are resolvable without recourse to iterative
methods, and which maintain the notion of an energy balance leading to a numerical stability guarantee. In
Section 2 the continuous models of nonlinear string vibration are presented, along with considerations regarding
the quadratisation of the potential, and a linear expansion. In Section 3 two conservative finite difference
schemes are given: the first, iterative in nature, follows from a discretisation obtained via the trapezoid rule;
the second is the newly proposed non-iterative scheme. Finally, in Section 4 some numerical experiments are
detailed.

2 MODEL EQUATIONS
In musical acoustics, it is often assumed that a uniform string vibrates according to the simple wave equation.
There are two cases when this assumption is no longer valid: when the string has intrinsic stiffness, and when
it vibrates at higher amplitudes. Stiffness is indeed a prominent effect across all musical strings, and it can
be incorporated by means of an appropriate linear beam model. From a numerical standpoint, it has been
studied in numerous other works [see, e.g. (8, 9)], so here the focus will be exclusively on the second effect,
nonlinearities. In the case of a string vibrating in isolation, these are of geometric type and arise when the
vibration amplitude is large. It is in fact possible to derive a model which is geometrically exact, by calculating
the extension of an infinitesimal string element under tension (10). Ultimately, the stretching of the string leads
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to tension modulation (as opposed to the linear case, where tension is constant.) In vector form, this model is

ρA∂
2
t w = ∂x

(
∇(q,p)Ξ

)
, with Ξ(q, p) =

EA
2
(
q2 + p2)+(EA−T0)

(√
(1+ p)2 +q2−1− p

)
≥ 0 ∀ (q, p) (1)

where Ξ is interpreted as a positive-definite potential function. Above, ρ is the volumetric density, and A is the
area of the cross section, E is Young’s modulus and T0 is the applied tension. The string occupies a domain
x ∈D = [0,L]. The symbol ∂ n

s denotes the nth partial derivative along s, and ∇(q,p) is the gradient taken along
q and p. Assuming the motion to be constrained in a single plane, one can identify w(t,x) = T [u(t,x),ζ (t,x)],
where u is the transverse (or vertical) displacement, and ζ is the longitudinal (or horizontal) displacement.
Hence, q, ∂xu and p, ∂xζ . It is convenient to rewrite (1) in a different, yet equivalent form, as

ρA∂
2
t u = T0∂

2
x u+∂x(∂qφ) (2a) ρA∂

2
t ζ = T0∂

2
x ζ +∂x(∂pφ)ζ (2b)

where

φ =
EA−T0

2

(√
(1+ p)2 +q2−1

)2

(3)

Notice that φ is positive definite, if EA > T0 (certainly the case for all musical strings.)

2.1 Inner product and energy analysis in the continuous case
An energy analysis of (2) is readily available upon the introduction of an inner product and associated norm.
For two well-behaved functions c, d, one has

Inner Product: 〈c,d〉D =
∫ L

0
cd dx, Norm: ‖c‖D =

√
〈c,c〉D (4)

Taking an inner product of (2a) with ∂tu, and of (2b) with ∂tζ gives (after integration by parts)

dH
dt

=B (5)

with H being the total energy, and with B being the boundary conditions. The analytic expressions are

H=
ρA
2

(
‖∂tu‖2

D +‖∂tζ‖2
D

)
+

T0

2

(
‖q‖2

D +‖p‖2
D

)
+< φ ,1 >D (6a)

B=[∂tu(T0q+∂qφ)+∂tζ (T0 p+∂pφ)]L0 (6b)

A convenient set of boundary conditions which make B vanish, used in this work, is then

u = ζ = 0 at x = 0,L (7)

2.2 Quadratisation of the nonlinear potential
A convenient alternate form of the equations of motion can be derived by quadratising the potential φ . Hence,
take

ψ =
√

2φ (8)

One has
ρA∂

2
t u = T0∂

2
x u+∂x(ψ∂qψ) (9a) ρA∂

2
t ζ = T0∂

2
x ζ +∂x(ψ∂pψ) (9b)

The energy analysis in this case yields an energy balance analogous to (5), where now

H=
ρA
2

(
‖∂tu‖2

D +‖∂tζ‖2
D

)
+

T0

2

(
‖q‖2

D +‖p‖2
D

)
+
‖ψ‖2

D

2
(10a)

B=[∂tu(T0q+ψ∂qψ)+∂tζ (T0 p+ψ∂pψ)]L0 (10b)
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Though (9) and (2) are completely equivalent (so long as ψ is well defined, i.e. so long as, from (8), φ is non-
negative), the two forms lead to very different discrete methods: system (2) will require a nonlinear iterative
root finder, whereas system (9) will be calculated by means of a simple matrix inversion.

2.3 Small oscillations and natural wave speeds
One may wonder what the behaviour of the nonlinear wave equation (2) is under small amplitudes. An expan-
sion of φ to second order yields

φ ≈ EA−T0

2
p2 (11)

Inserting this value in (2) gives

ρA∂
2
t u = T0∂

2
x u (12a) ρA∂

2
t ζ = EA∂

2
x ζ (12b)

Hence, for small amplitudes, the system is completely uncoupled, and both transverse and longitudinal motions
are given by the linear wave equation with speeds, respectively, vu =

√
T0/ρA and vζ =

√
E/ρ . Notice that for

musical strings, normally vζ � vu, and this will have consequences in terms of the choice of the grid spacing
in the finite difference schemes.

3 DISCRETE MODEL
Solutions to the nonlinear wave equation are sought by means of the finite difference method. The continuous
functions u(t,x), ζ (t,x) are approximated by grid functions un

m , u(nk,mh), ζ n
m , ζ (nk,mh), where the indices

m,n are positive integers, and where k is the time step, and h is the grid spacing. It is assumed that n ≥ 0
and m ∈ M = [0,M], and thus the grid spacing h divides the domain length L in M equal intervals. The
continuous functions p(t,x),q(t,x) are approximated by pn

m−1/2, qn
m−1/2, defined on an interleaved spatial grid

m∈M= [1,M]. In the following, in order to keep the index notation to a minimum, it will be assumed that the
notation u stands for un

m, and similarly for ζ , p and q (these last two defined on an interleaved grid.) Indices
will be specified only when needed.
Finite difference operators are now introduced. The identity and time shifting operators are

1wn
m = wn

m, et+wn
m = wn+1

m et−wn
m = wn−1

m (13)

Time difference operators may be introduced as

δt+ ,
et+−1

k
, δt− ,

1− et−
k

, δt· ,
et+− et−

2k
, δtt , δt+δt− (14)

Time averaging operators are

µt+ ,
1+ et+

2
, µt− ,

1+ et−
2

, µt· ,
et++ et−

2
(15)

Space shifting operators are defined as

ex+wn
m = wn

m+1, ex−wn
m = wn

m−1 (16)

Similar definitions hold for spacial operators acting on an interleaved grid function. From those, space difference
operators are given as

δx+ ,
ex+−1

h
, δx− ,

1− ex−
h

, δxx , δx+δx− (17)

Partial differentiation of the potential φ with respect to p,q is given as

δq·φ(qn, pn),
φ(qn+1, pn)−φ(qn−1, pn)

qn+1−qn−1 , δp·φ(qn, pn),
φ(qn, pn+1)−φ(qn, pn−1)

pn+1− pn−1 (18)
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A particular averaging of φ will also be needed. This is

µq−|p−φ(qn, pn),
φ(qn−1, pn)+φ(qn, pn−1)

2
(19)

For two grid functions cm,dm defined over D = d− ≤ m ≤ d+ one can define an inner product and associated
norm, in analogy to (4), as

Inner Product: 〈c,d〉D =
d+

∑
m=d−

hcm dm, Norm: ‖c‖D =
√
〈c,c〉D (20)

3.1 Iterative, conservative scheme
A discretisation of (2) can be written as

ρAδttu = T0δxxu+δx+ (δq·φ) (21a) ρAδttζ = T0δxxζ +δx+ (δp·φ) (21b)

where q, δx−u, p, δx−ζ . This discretisation follows from applying the trapezoid rule to the nonlinear potential.
An energy conservation property can be found by taking an inner product of (21a) with δt·u, and of (21b) with
δt·ζ , and by summing the resulting equations. Applying summation by parts gives

δt+h
n−1/2 = b (22)

where

hn−1/2 =
ρA
2

(
‖δt−un‖2

M+‖δt−ζ
n‖2

M

)
+

T0

2

(
〈qn,et−qn〉M+ 〈pn,et−pn〉M

)
+
〈
1,µq−|p−φ

n〉
M (23)

and where the boundary term b vanishes under a choice of fixed end conditions, i.e. u0 = uM = ζ0 = ζM = 0 ∀n.
Notice that (22) is discrete version of (5). However, as opposed to the continuous energy H which is always
non-negative, the discrete energy h in (23) will be non-negative if and only if (11)

h≥

√
T0

ρA
k , h(t) (24)

Non-negativity of the energy function assures stability and convergence for scheme (21).

Remark. Though condition (24) leads to stable simulations, choosing h to be close to h(t) would lead in
this case to some aliasing problems. Remembering the linear expansion (12b), the natural grid spacing for
the longitudinal grid is indeed h(l) =

√
E/ρk, which is much larger than h(t). In order to avoid such spacial

sampling problems, in the following the choice h = h(l) will be enforced, along with frequency oversampling.
More efficient schemes, avoiding oversampling, may be devised by interpolating between the longitudinal and
transverse grids. However, this possibility will not be explored here, as the focus is only on the convergence
and stability properties of the schemes �

Both (21a) and (21b) can conveniently be multiplied on the left by δx−. This yields the following two equations

ρAδttq = T0δxxq+δxx (δq·φ) (25a) ρAδtt p = T0δxx p+δxx (δp·φ) (25b)

Then, define
r(q) = qn+1−qn−1, r(p) = pn+1− pn−1, a(q) = qn−1, a(p) = pn−1 (26)
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Owing to these definitions, one may recast system (25) in the following form

ρA
k2

(
r(q)−2qn +2qn−1)= T0δxxqn +δxx

(
φ
(
r(q)+a(q), pn

)
−φ

(
a(q), pn

)
r(q)

)
ρA
k2

(
r(p)−2pn +2pn−1)= T0δxx pn +δxx

(
φ
(
qn,r(p)+a(p)

)
−φ

(
qn,a(p)

)
r(p)

)
This form of the equations allows to solve for the unknowns r(q),r(p), using a convenient iterative root finder,
such as Newton-Raphson. Existence and uniqueness of the solution may be proven by using convexity of φ ,
however the proof will be omitted here. The displacements u,ζ can be recovered from r(q),r(p) by solving the
following linear systems

δx−un+1 = r(q)+δx−un−1, δx−ζ
n+1 = r(p)+δx−ζ

n−1 (27)

3.2 Novel non-iterative, conservative scheme
A discretisation of (9) follows as

ρAδttu = T0δxxu+δx+ ((µt+ψ)g) (28a) ρAδttζ = T0δxxζ +δx+ ((µt+ψ) f ) (28b)

Above, it is understood that ψ = ψ
n−1/2
m−1/2, g = gn

m−1/2 and f = f n
m−1/2. The system is completed by an extra

equation, relating the time derivative of ψ to f ,g, as

δt+ψ = gδt·q+ f δt·p (29)

Finally, g and f are calculated as the analytic derivatives of ψ with respect to p,q, at the current time step, i.e.

gn
m−1/2 = ∂qψ

∣∣∣∣
p=pn

m−1/2,q=qn
m−1/2

, f n
m−1/2 = ∂pψ

∣∣∣∣
p=pn

m−1/2,q=qn
m−1/2

(30)

Energy conservation can be shown once more by taking taking an inner product of (28a) with δt·u, and of (28b)
with δt·ζ . Summing the two resulting equations, and making use of (29) gives again an energy balance of the
form (22), where in this case

hn−1/2 =
ρA
2

(
‖δt−un‖2

M+‖δt−ζ
n‖2

M

)
+

T0

2

(
〈qn,et−qn〉M+ 〈pn,et−pn〉M

)
+

∥∥ψn−1/2
∥∥2
M

2
(31)

and where the boundary term vanishes under the same fixed end conditions as before. Inspection of the energy
function allows to write the same stability condition as (24), but as pointed out in the remark in section 3.1,
the natural longitudinal grid spacing h(l) will be enforced here, to avoid aliasing.
Using the identity

µt+ψ
n−1/2 =

k
2

δt+ψ
n−1/2 +ψ

n−1/2 (32)

into (28a), (28b), and owing to (29), scheme (28) can be cast in a convenient matrix-vector update of the form

Awn+1 = b (33)

where wn+1 , T [un+1,ζζζ
n+1

] and where

A =

(
ρA
k2 I− 1

4 D+
x ΛΛΛg2D−x − 1

4 D+
x ΛΛΛ f gD−x

− 1
4 D+

x ΛΛΛ f gD−x
ρA
k2 I− 1

4 D+
x ΛΛΛ f 2D−x

)
(34)

b =

(
ρA
k2 (2un−un−1)+T0Dxxun +D+

x (ψψψ
n−1/2 ◦gn)− 1

4 D+
x ΛΛΛg2D−x un−1− 1

4 D+
x ΛΛΛ f gD−x ζζζ

n−1

ρA
k2 (2ζζζ

n−ζζζ
n−1

)+T0Dxxζζζ
n
+D+

x (ψψψ
n−1/2 ◦ fn)− 1

4 D+
x ΛΛΛ f 2D−x ζζζ

n−1− 1
4 D+

x ΛΛΛ f gD−x un−1

)
(35)
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In the above, D−x is the M×M− 1 space derivative matrix; D+
x = −T D−x ; Dxx is the second space derivative

matrix; ΛΛΛν is the M×M diagonal matrix where the main diagonal is the vector ν ; I is the M−1×M−1 identity
matrix. Also, the symbol ◦ denotes the element-wise product. Once wn+1 is known, one may go on and update
ψψψ using (29). One appealing feature of both schemes (21) and (28) is that they are virtually insensitive to
the choice of the potential function: in other words, the schemes leads to energy conservation regardless of
the particular choice for φ , so long, of course, that it is positive definite, and its gradient exists and is well
behaved. One attractive possibility arises as one may use the skeleton of the non-iterative scheme to test out
various nonlinear potentials, effortlessly. One particularly useful potential, here, is given by the Morse and
Ingard nonlinear string model, obtained as truncated series expansion of the geometrically exact case. Though
conservative finite difference schemes for this particular model have been derived in the past (12), the current
schemes represent a reliable tool for the analyst wishing to experiment with different models.

4 NUMERICAL EXPERIMENTS

Figure 1. Low amplitude initial conditions, U0 = 1 mm. The grey line is the solution obtained with the linear
wave equation, the black line is the iterative nonlinear scheme, and the blue line is the proposed nonlinear
non-iterative scheme. The energy error is defined as (hn−1/2−h1/2)/h1/2. All simulations are obtained with a
sample rate fs = 48 ·104 Hz. The number of iterations for Newton-Raphson is 10.

Figure 2. Medium amplitude initial conditions, U0 = 1 cm. Colour scheme and sample rate as per Fig. 1.

In the following, the schemes will be compared. The simulations consider the lossless case, and initial condi-
tions in the form of a gaussian distribution with zero initial velocity, i.e.

u(0,x) =U0e−
(x/L+1/2)2

2σ2 , ∂tu(0,x) = 0 (36)

The free parameter U0 (measured in metres) allows to control the level of nonlinearity in the string. In the
following, σ = 0.24 will be used. The readout point is placed at rp = 0.72L. String parameters are selected
here as so to resemble a low pitched piano string, though only for illustrative purposes. They are given as

L = 1 m, ρ = 8000 kg/m3, A = 2.827 ·10−7 m2, T0 = 100 N, E = 2 ·1011 Pa (37)

As a first experiment, take a look at Fig. 1 and Fig. 2. As expected, under low amplitude initial conditions the
output of both the iterative and of the non-iterative schemes is virtually indistinguishable from the simulation
of the simple linear wave equation. As the amplitude is increased, some nonlinear effects come into existence
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and as the longitudinal component becomes more prominent. Notice that energy is conserved to machine accu-
racy for both schemes, although some jumps are observed in the Newton-Raphson (this could be alleviated by
increasing the number of iterations.)
A second experiment is considered in Fig. 3. There, high amplitude initial conditions are enforced, resulting in
strongly nonlinear dynamics. Increasing the sample rate shows a gradual regularisation of the waveforms, which
begin to converge to a common solution, as expected.

Figure 3. High amplitude initial conditions, U0 = 10 cm. Top row: fs = 48 ·104 Hz, Middle Row: fs = 3 ·48 ·104

Hz, Bottom Row: fs = 5 · 48 · 104 Hz. Black: iterative scheme. Blue: non-iterative scheme. The number of
iterations for Newton-Raphson is 10.

Finally, Fig. 4 shows the output spectra of the simulations obtained with low, medium and high amplitude
initial conditions. Notice the progressive shift of the spectra away from the harmonic series predicted by linear
theory.

Figure 4. Output spectra of the non-iterative scheme. Left to right: U0 = 1 mm, U0 = 1 cm, U0 = 10 cm. For
all simulations fs = 48 ·104 Hz.

4.1 Computational Testing
A quick computational test was performed, on a 3.6GHz Intel core i5 CPU found in a 2011 iMac, and running
Matlab R2018b. The test was run by simply recording the compute times for 0.1s of simulation. The times
reported in table 1 are an average over 10 repetitions of the same simulation. It is seen that the new schemes
perform much more efficiently than the iterative schemes, with speedups of about half an order of magnitude.

5 CONCLUSIONS
In this work, a novel non-iterative, conservative finite difference scheme was offered for the solution of the
geometrically exact nonlinear string vibration. The new schemes are comparable to iterative schemes obtained
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Table 1. Compute times for 0.1 s, under high amplitude conditions. The oversampling factor is given for a base
sample rate fs = 48 ·103Hz. The iterative scheme was run with 10 iterations per time step.

Oversampling Iterative (s) Non-Iterative (s) Speedup

1 3.1 0.65 4.80×
5 22.7 5.2 4.36×
10 69.3 15.5 4.47×

via the trapezoid rule in terms of resolving power, but they are much more efficient. Also, the skeleton of the
scheme can be used to simulate an arbitrary nonlinear potential, provided that it is positive definite and that its
gradient is well defined. These schemes follow as a particular application of emerging methods in numerical
analysis, based on a quadratisation of the nonlinear potential.
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Abstract
In this work, we discuss a mathematical model of the sound production in single-reed woodwind instruments
focusing on player-instrument interactions. The model consists of a coupled system of an ordinary and a partial
differential equation. The motion of the reed is described by a nonlinear harmonic oscillator, where the non-
linearity stems from the collision of the reed with the mouthpiece lay and the coupling between air flow and
pressure. The dynamics of air pressure and air velocity inside the instrument are described by a boundary value
problem for the wave equation. We introduce a method to model the interaction between the player’s tongue and
the reed, which leads to a further nonlinearity in the reed equation. Moreover, we study strategies to estimate
the model parameters relevant for the production of realistic tones, as well as for realistic transients in between
tones. Finally, using the proposed model, recordings of real players are resynthesised.
Keywords: Single-reed, Transients, Articulation

1 INTRODUCTION
In order to synthesise sounds of musical instruments, numerical simulations of the physical processes that gen-
erate the respective sounds have been developed in the past decades [1, 13, 14]. Besides obtaining realistic
sound waves, such an approach also allows to study the sound excitations mechanism, in terms of the under-
lying physics. In this framework, the player-instrument interaction can be seen as a further component that is
included in the physical model. The scope of this paper is to incorporate player control in physical models
of single-reed woodwind instruments. One main part of the player-instrument interaction takes place in the
player’s mouth by either changing the embouchure or by directly altering the vibration of the reed with the
tongue [6, 11]. In this work, we describe a method to include the tongue-reed interaction into the physics-based
synthesis of sounds of single-reed woodwind instruments. In an attempt to resynthesise recordings from real
players, an inverse modelling approach is applied.

2 PHYSICAL MODEL OF A SINGLE-REED WOODWIND INSTRUMENT
2.1 Vibrations of a reed
We identify the whole reed with its tip, and model the vibration of the reed as a harmonic oscillator for the
displacement y(t) of the reed tip. See Figure 1 for a sketch of the system. During motion, the reed collides with
the mouthpiece lay. The collision force is modelled following the Hunt-Crossley impact model [7]. Denoting
the reed area by Sr and assuming an effective reed mass m, damping γ and stiffness k, the pressure difference
p∆ = pb− pin across the reed drives the reed tip y(t) according to

m
d2y
dt2 +mγ

dy
dt

+ ky+ klayby− ylaycαlay

(
1+ rlay

dy
dt

)
= Sr p∆. (1)

The parameters klay, rlay and αlay denote the contact stiffness, contact damping and the collision exponent of
the Hunt-Crossley model for the collision between the reed and the mouthpiece lay. Furthermore, byc= yH(y),
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Figure 1. Single-reed – mouthpiece system. y(t) denotes the reed displacement, yc the displacement when
the reed closes the mouthpiece, pb the blowing pressure, pin the pressure at the beginning of the tube, uf the
Bernoulli flow and ur the reed induced flow.

where H denotes the Heaviside step function. The collision force becomes active whenever y > ylay. Two types
of air flow into the mouthpiece are considered. First, the motion of the reed induces the air flow ur = Sr

dy
dt .

The pressure difference p∆ introduces air flow into the mouthpiece according to Bernoulli’s principle, uf =

σλh
√

2|p∆|
ρ

. Here, σ = sign p∆, λ denotes the reed width and h = byc− yc denotes the reed opening, hence the
product λh is the cross-sectional area of the opening. The total air flow into the mouthpiece is therefore given
by

uin = ur +uf = Sr
dy
dt

+σλh

√
2 |p∆|

ρ
, (2)

where ρ denotes air density.

2.2 Dynamics of pressure and particle velocity inside a tube
The corpus of the single-reed woodwind instrument is assumed to be a tubular duct of length L and cross-
sectional area S(x), 0 ≤ x ≤ L. The spatio-temporal behaviour of the pressure p and particle velocity v inside
the tube is modelled by [2, 12]

∂ p(x, t)
∂x

+ρ
∂v(x, t)

∂ t
+ zv ∗ v(x, t) = 0, (3a)

∂ (S(x)v(x, t))
∂x

+
S(x)
ρc2

∂ p(x, t)
∂ t

+S(x)yθ ∗ p(x, t) = 0, (3b)

where c is the speed of sound. The convolutions zv ∗v and yθ ∗ p are performed with respect to the time variable
t and model viscous and thermal losses, respectively, inside the tube. The impedance zv and the addmitance yθ

are defined in the frequency-domain, see [8]. To complete the model, boundary conditions have to be imposed.
At the radiating end x = L, a stipulated radiation impedance zr leads to the boundary condition

p(L, t) = S(L)zr ∗ v(L, t). (4)

Specific forms of zr can be found in [1, Section 9.1.3].
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2.3 Reed-tube coupling
At the excitation end x = 0, the tube is coupled to the motion of the reed by the assumption that the air flow
is continous, hence the air flow at the beginning of the tube is equal to the airflow coming into the tube,

S(0)v(0, t) = uin. (5)

Furthermore the pressure difference p∆ is related to p(0, t) by pin = p(0, t), i.e.

p∆ = pb− p(0, t), (6)

where pb is the blowing pressure.

3 PHYSICAL MODEL OF THE TONGUE - REED INTERACTION
We aim at modelling the interaction of a player’s tongue with the reed. For certain articulation techniques, the
player stops and releases the vibrating reed with the tongue [11]. For this work, we assume that the tongue
motion is perpendicular to the reed surface, as indicated in Figure 1. In order to model this phenomenon, we
include an extra collision term in the equation of the reed movement according to the Hunt-Crossley impact
model, such that the reed equation (1) now reads as

m
d2y
dt2 +mγ

dy
dt

+ ky+ klayby− ylaycαlay

(
1+ rlay

dy
dt

)
(7a)

− ktgbytg− ycαtg

(
1+ rtg

d(ytg− y)
dt

)
= Sr p∆. (7b)

Again, ktg, rtg denote contact stiffness and damping, and αtg denotes the collision exponent. As opposed to the
mouthpiece lay, the tongue is moving itself, hence we also have to take the velocity of the tongue dytg

dt into
account.
For synthesising the sound of an actual single-reed woodwind instrument, the model given by equations (3),
(4), (5), (6) and (7) is discretised using a finite difference method that satisfies an energy balance, see for
example [3, 5]. The special treatment of the visco-thermal losses related convolutions in Equation (3) is dis-
cussed in [12]. The finite difference method gives approximations pn

m, vn
m and yn of the pressure, the parti-

cle velocity and the reed displacement, respectively at discrete timesteps tn = n∆t , n = 0,1,2 . . . and position
x = m∆x, m = 0,1, . . . ,M, with L = M∆x. A more detailed description together with a discussion of a finite
difference method for the numerical implementation can be found in [4].

4 EXPERIMENTAL SETUP
In order to obtain reference measurements regarding the clarinet playing technique, a professional player from
the Vienna Symphonic Orchestra was invited to perform musical excerpts using an equipped clarinet. The
experimental setup consists of measuring the acoustic pressure in the mouthpiece of the clarinet and in the
mouth of the player, together with the reed oscillation. For the mouthpiece pressure, a pressure transducer
(Endevco 8507C-2) is inserted into the mouthpiece through a drill-hole at 7.5 cm from the mouthpiece tip. An
identical pressure transducer is placed at the side of the mouthpiece and it remains inside the player’s mouth
during playing. In addition to that, we obtain information regarding the reed bending by attaching a strain-gauge
on the surface of the reed. This signal allows to identify the tongue-reed contact, which is detected when the
reed stops vibrating and closes against the lay of the mouthpiece. During the steady part of the signal, i.e.
where there is no interaction between the player’s tongue and the reed, the measured bending signal can be
converted to reed displacement, as described in [10].
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5 PARAMETER ESTIMATION
Our aim is to resynthesise an excerpt from the Clarinet Concerto No. 2, by Carl Maria von Weber (see Figure
2), based on the signals recorded with real players.

Figure 2. Excerpt from the Clarinet Concerto No. 2, by Carl Maria von Weber. The analysed part is highlighted.

To do that, we estimate the model parameters by comparing recorded mouthpiece pressure and reed displace-
ment (obtained from the recorded reed bending) with their synthesised counterparts. In this work, we apply
the Levenberg-Marquardt method [9, Chapter 10], which is an iterative optimisation technique that interpolates
between Gauß-Newton’s method and the gradient descent method.
In a first step, we obtain the effective tube length L for each single note. Since we are not modelling toneholes,
the effective tube length might be smaller than the actual tube length. This depends on the clarinet register,
with the discrepancy being insignificant in the lower register. A steady part of the note is first considered and
the Levenberg-Marquardt method is applied to minimise the objective function

fobj =

√(
‖y(t)− ŷ‖
‖y(t)‖

)
+

(
‖p(0.02, t)− p̂‖
‖p(0.02, t)‖

)
, (8)

where ŷ is the reed signal computed from the bending measurement, p̂ is the measured mouthpiece pressure, y
is the modelled reed tip displacement and p here denotes the modelled pressure, obtained close to the excitation
end. For the minimisation, the synthesised pressure is evaluated at x = 0.02m, i.e. two cm from the effective
beginning of the tube. The symbol ‖ · ‖ denotes the `2-norm with respect to the discrete time samples under
consideration.
Other reed parameters such as mass m, damping γ and stiffness k, or the reed-lay collision parameters klay, rlay
and αlay do not have a direct physical counterpart, hence they are of effective nature as well. One reason for
that is that the reed is modelled by a simple harmonic oscillator that aims to capture the effect of the player’s
embouchure. Therefore, having found the effective length L, we perform a second run on the same steady part
of the signal in order to estimate the remaining reed-related parameters.
We model the motion of the tongue as a piecewise linear function, i.e. we assume that the tongue moves with
constant velocity. During steady tones, the tongue rests at a resting position, where it does not interact with
the reed. For each transient, the tongue starts moving upwards towards the reed at a time t1 linearly from its
resting position to its maximal value ytg,max, which it attains at time t2, and leaves at time t3 in order to fall
back to its resting position at time t4. See Figure 3 for an illustration. The resting position is kept fixed. We
obtain the parameters related to the motion of the tongue t1, t2, t3, t4 and ytg,max and the parameters related to
the collision of the tongue with the reed, ktg, rtg and αtg by applying the Levenberg-Marquardt method on the
transient parts of the signal.
Since the reed displacement obtained from the bending measurement is not reliable during reed - tongue contact,
we modify our objective function in a way that it ignores the reed signal during contact, i.e.

fobj =

√(
‖H(y− ytg)(y(t)− ŷ)‖
‖H(y− ytg)y(t)‖

)
+

(
‖p(0.02, t)− p̂‖
‖p(0.02, t)‖

)
. (9)

Behold that H(y−ytg) is 0 whenever y < ytg, i.e. when the tongue is in contact with the reed, and 1 otherwise.

5518



Figure 3. Illustration of the modelled motion of the tongue.

Figure 4 shows the estimated tongue movement together with the synthesised reed displacement and the synthe-
sised mouthpiece pressure corresponding to the highlighted phrase of the excerpt in Figure 2. The synthesised
signals are qualitatively similar to the reference signals in Figure 5.

Figure 4. Top: Synthesised reed displacement (solid blue) and tongue displacement (dashed red) in mm, for the
note transitions highlighted in Figure 2. Bottom: Synthesised mouthpiece pressure.

6 CONCLUSION
This work discusses a physical model for the tongue-reed interaction while simulating the sound generation of
a single-reed woodwind instrument. This is established by including a further collision term into the equations
that describe the oscillation of the reed in the case of tongue interference. Using the recorded pressure and
reed displacement signals obtained from measurements with real players, an optimisation procedure finds pa-
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Figure 5. Signals obtained from measurements with a professional clarinettist. Top: Reference reed displace-
ment. Bottom: Reference mouthpiece pressure.

rameters for which the physical model synthesises pressure and reed signals that are qualitatively similar to the
recordings.
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Abstract
The lips of a brass player can be modelled as a mechanical oscillator which couples with the acoustic resonances
of the instrument to generate and sustain a musical note. On instruments like the modern orchestral trumpet,
operation of a valve changes the length of the resonator without significantly altering the mean pressure of
the air column. On a slide trombone, however, a glissando involves a telescopic change in the length of the
resonator, resulting in localised changes in the mean pressure in the air column. The consequent low frequency
fluctuations in mouthpiece pressure can disturb the equilibrium position of the lips, affecting their dynamic
behaviour. This paper describes experimental studies in which an artificial mouth is used to investigate the
infrasound mouthpiece pressure gradients generated by fast glissandi on a trombone, and their influence on the
mechanics of the oscillating lips.
Keywords: Brass wind instruments, playing transients, lip dynamics

1 INTRODUCTION
Previous studies have shown that fast trombone slide movements, such as the ones performed by the player
during glissando, introduce infrasound pressure (ISP) variations inside the instrument which are approximately
proportional to the slide acceleration. The amplitude of the pressure fluctuations can reach 100 Pa inside the
slide when the instrument is connected to a loudspeaker cavity [1, 2]. When the instrument is connected to a
soft termination, such as the one present in the artificial mouth used in this experiment, infrasound pressures of
around half this value have been observed [2].
These pressure fluctuations are transmitted through the instrument to the mouthpiece, where they induce very
low frequency modulation of the position of equilibrium around which the lips oscillate when playing. To
investigate whether this modulation exerts a measurable influence on the behaviour of the lips during fast glis-
sandi, an artificial mouth connected to a King tenor trombone has been studied. The pressure across the lips is
measured using two high pressure microphones, one in the mouth and another in the mouthpiece, and the lip
opening is tracked using a light transmission setup consisting of an optical rail, lenses, a laser and a photodiode.
The position of the slide against time is also tracked using a distance measuring laser.
The physical effects of ISP variations on the artificial lips are evaluated by performing fast inward and outward
glissandi across different slide positions x, so that a comparison can be established with the playing behaviour
measured with stationary slide at the same positions.

2 METHODOLOGY
The experiments were carried out in an acoustics laboratory in the James Clerk Maxwell building at the Univer-
sity of Edinburgh. The space has low reverberation but is not anechoic, since this characteristic was not needed
in the present experiment. Figure 1 shows a general schematic including all the apparatus used in the setup.
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Figure 1. Schematic showing the light transmission setup, allowing the lip opening to be tracked when the slide
undergoes a fast gesture. The blue section of the instrument indicates the slide, which moves in a direction
perpendicular to the plane of the diagram [2],

2.1 Technical setup
The artificial mouth was mounted on an optical rail, together with a IIB COHERENT 638DG laser (with its
beam parallel to the rail) a photodiode, two G.R.A.S. 1/4” high pressure microphones and a loudspeaker. The
optical rail allowed an optimum alignment between all the devices. The laser beam was first filtered with a
polariser to control the intensity of the light and prevent the saturation of the photodiode located behind the
artificial mouth. The beam was then expanded via a divergent lens with a focal length of -8 mm and a diameter
of 30 mm, until an area wide enough to illuminate the internal diameter of the mouthpiece was achieved. At
this stage, the beam was made parallel using a convergent lens with its focus located at the position of the
divergent lens, and limited using a circular shutter to ensure that the vertical dimension (parallel to the lips)
remained constant during the oscillation. After reaching the artificial mouth, and crossing the oscillating lips,
the beam was converged at the other side by another lens, of both focal distance and diameter 50 mm, on to
the photometer’s sensor. A photograph of this set up can be seen in Figure 2. The trombone was connected to
the artificial mouth via a transparent mouthpiece, and clamped perpendicularly to the optical rail to minimise
structural vibrations during the manipulation of the slide as shown on the left side of Figure 3. The artificial
lips are water filled balloons, as shown on the right side of Figure 3, which can have their pressure modified
by varying the difference in height between the water bottle to which they are connected and the mouthpiece
against which they are compressed. Their correct handling requires a degree of expertise and familiarisation
with the system, and there is variation in their behaviour depending on the water pressure. After thorough
adjustment, an embouchure able to play a note close to the third resonance between the first and third positions
of the trombone was achieved.
The position of the slide x was measured using a Baumer OADM 20I4471 laser sensor, powered via a custom
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Figure 2. Optical setup used for the measurements.

Figure 3. Left: artificial mouth clamped on the optical rail, on which the laser used to measure the slide
displacement x is also visible. Right: deflated rubber tubes used as artificial lips before being connected to the
elevated water bottle which ensures equal static pressures on both lips.

made supply box. The laser sensor was attached firmly to the mouthpiece end of the instrument and remained
static during the whole process. The laser beam was intercepted by a small reflector attached to the mobile part
of the slide, as can be seen in the left side of Figure 3
An air blower was used to create an excess pressure inside the artificial mouth. When the lips were correctly
adjusted this overpressure in the mouth set the lips into motion, coupling with the instrument and playing a
note.
All signals were acquired via code written in MATLAB using National Instruments C-Series digital modules
mounted on a CompactDAQ Chassis connected to the desktop computer. The sampling frequency used was
51200 Hz. The transducers were calibrated during the post processing, using information from their technical
specifications documentation. All signal processing was also coded using MATLAB.
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2.2 Experimental protocol
2.2.1 Lip characterisation
In order to determine the physical characteristics of the lips, the mechanical response of an embouchure able to
couple to the instrument and play it for slide extensions x varying between 0 and 0.45 m was measured.

The mechanical response is defined as the relationship between the opening height H̃( f ) of the lips and the

pressure ∆̃P( f ) acting across them, both given as a function of frequency f .

M̃R( f ) = H̃( f )/∆̃P( f ) (1)

This was achieved experimentally by driving the whole system acoustically (the mounted lips connected to the
instrument) via the loudspeaker connected to the artificial mouth. The signal played by the loudspeaker in this
case was a sine sweeping exponentially in time over a frequency range that varied from 2 Hz to 1 kHz in a
time interval of 10 s. This measurement was repeated ten times and averaged using the median value of all
the repetitions. The pressure acting upon the lips ∆P(t), was obtained as the difference between the pressure
measured in the mouth pm(t) and in the mouthpiece pmp(t) in Pascals. The lip opening height was taken to be
proportional to the voltage signal collected by the photodiode H(t), and was not calibrated as only magnitude
ratios are of interest here. These experimental magnitudes were transformed into the frequency domain via the
Fourier transform:

H̃( f ) = F (H(t)), and ∆̃P( f ) = F (pm(t)− pmp(t)) (2)

The artificial lips are a non-linear system whose behaviour depends on the equilibrium position imposed by the
static overpressure in the mouth. This has been previously reported and studied in [6], and can be observed in
the particular case under study in this article. A static overpressure in the mouth, just below the playing thresh-
old, modifies the dynamic characteristics of the lips, which are pushed slightly outwards into the mouthpiece.
Figure 4 shows the mechanical response of the artificial lips both for a static overpressure in the mouth (blue
line) and no static overpressure (black dashed line).
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Figure 4. Mechanical response of the lips in a configuration able to play between first and third position of the
slide in dimensionless magnitude (upper subplot) and phase (lower subplot).
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2.2.2 Experimental protocol
The embouchure achieved in this experimental work was able to play a musical note close to the third resonance
of the instrument for slide extensions between 0 m and 0.45 m. These lengths ensured that the Baumer OADM
20I4471 laser sensor remained inside its range for a reflector attached to the slide at 5 cm distance. It also
ensured that the artificial lips would not stop buzzing at any time, playing fundamental frequencies that spanned
between 143 Hz (for the longest slide extension) and 163 Hz (for the shortest one).
In a realistic musical context with a human player sounding the third regime of the instrument, this slide
movement would correspond to a pitch interval of 4 semitones, from F3 (173 Hz) in first position (slide fully
contracted) to C]3 (131 Hz) in fifth position (slide extended by around 0.4 m). The difference between the
normally played pitch interval and the experimentally observed one is explained by the fact that a human
player modifies the embouchure when operating the slide in order to match the resonances of the instrument
with those of the lips. The adjustment of the artificial lips before playing sets a fixed embouchure, which is not
deliberately changed during the glissando.
The position of equilibrium of the lips does however have an effect on the mechanical resonances, as shown
by the comparison in Figure 4 between the lip response curves with and without the sub-threshold overpressure
in the mouth. It is therefore a plausible hypothesis that a negative infrasound pressure in front of the lips,
sucking them out from their normal equilibrium position, could create a transient modification of the mechanical
resonance curve in similar in character to that caused by a static mouth overpressure, as represented by the
blue line in Figure 4. In the absence of slide movement the curve would be expected to resemble more the
mechanical response measured with no mouth overpressure (dashed black line in Figure 4).
The amplitude of the infrasound pressure generated during the playing experiments was estimated by low pass
filtering ∆P(t) using a Hanning filter with a cutoff frequency of 10 Hz. The microphones used to determine
∆P(t) have been shown to operate consistently at infrasound frequencies, although their calibration is not spec-
ified by the manufacturer below 3.15 Hz [7].
The experimental protocol was designed to look for differences in the playing amplitude, pressure across the
lips and lip opening height which can be correlated with changes in the slide velocity and therefore the ISP.
Results were obtained from two different playing situations:

• a quasi-static slide position x which was either constant or varying very slowly;

• a rapidly changing slide position x during the playing of a fast glissando, either outward or inward.

This dataset was sorted as independent data points according to increasing slide position x. Three different data
subsets were selected, based on the values of the slide velocity ẋ:

1. −0.01m/s < ẋ <+0.01m/s (quasi-static);

2. ẋ <−0.5m/s (inward glissando);

3. ẋ >+0.5m/s (outward glissando).

3 RESULTS AND DISCUSSION
Figure 5 plots the variation of ∆P(t), lowpass filtered with a cutoff frequency of 10 Hz, as a function of the
slide velocity ẋ for several inward and outward glissando gestures. As expected, the ISP is predominantly
positive for inward glissandi and negative for outward glissandi, athough there is a wide variation in the curves
for different gestures. In interpreting this graph it should be borne in mind that the stationary endpoint of a
glissando corresponds to ẋ = 0. The ISP values continue to fluctuate for a significant fraction of a second after
the gesture has finished; the initial pressure swing generated by a glissando will be followed by a series of
decaying swings of alternating polarity, all of which are superimposed at ẋ = 0.
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Figure 5. Infrasound pressure (ISP) as a function of slide velocity ẋ.

Figure 6 shows the recorded data, processed to allow comparison between the cases with static slide (left
column), negative slide velocity (middle column) and positive slide velocity (right column). The first row of this
Figure shows the RMS value of the acoustic pressure variation across the lips ∆P(t). This value was obtained
using a time window of 1000 samples which included over three cycles of the signal for frequencies in the
playing range, and a 50 % window overlap. The middle row displays the RMS value of the dimensionless lip
opening H, responding to the acoustic pressure. The RMS was calculated in the same way as described above.
The bottom row displays the infrasound pressure ∆P(t) low pass filtered by a Hanning filter at 10 Hz.
The results shown in the first column, for the stationary slide case, are in line with what is expected from
the mechanical response characterisation presented in Figure 4. The resonance located around 140 Hz has a
greater amplitude than the one just above 160 Hz, therefore the extended slide, which facilitates lower resonant
frequencies, displays larger amplitudes in both the RMS values of ∆P and H. In the absence of slide motion
there is no significant ISP.
It appears from the results presented in the middle and right column that fast slide gestures in either direction
reduce the amplitudes of both the acoustic pressure and the lip opening at a given value of slide displacement
x. In both negative and positive velocity cases, there are appreciable trends, albeit with different degrees of
dispersion, suggesting that the artificial lips may be susceptible to infrasound pressures capable of altering the
position of equilibrium around which they oscillate. However the interpretation of the results is complicated by
the fact that the decay time of the infrasound pressure fluctuations is typically longer than the duration of a
fast glissando gesture. The ISP force exerted on the lips for a given slide position x therefore depends on the
past history of the gesture as well as the current value of ẋ. This hysteresis could help to explain the different
shapes of the curves in Figure 6.

4 CONCLUSIONS AND FURTHER WORK
The acoustic behaviour of a trombone sounded by artificial lips, as measured by the RMS values of the pres-
sure difference ∆P across the lips and the lip opening H, was found to depend on the direction of slide move-
ment during fast glissandos. Infrasound fluctuations in ∆P with amplitudes ranging from +60 Pa to -90 Pa were
measured during these gestures. Further experiments and physical modelling simulations will be necessary to
establish whether there is a correlation between the infrasound pressure fluctuations and the changes observed
in lip behaviour. It is expected that any effect of infrasound will be greatest for quiet playing, as the infrasound
pressure amplitudes will then be a more significant fraction of the static excess mouth pressure.
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Figure 6. Analysis of three different stages of the mouth and trombone system, processed from data collected
from numerous slide gestures during playing. Left column: slide velocity smaller than 0.01 m/s (quasi-static).
Middle column: slide velocity less than than -0.5 m/s (inward glissando). Right column: slide velocity greater
than +0.5 m/s (outward glissando). Top row: RMS acoustic pressure in Pa, measured across the lips. Middle
row: adimensional RMS lip opening height. Bottom row: infrasound pressure (ISP).
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ABSTRACT 
In recent decades a number of models have been proposed for sustained oscillation of free reeds, including in 
some cases conditions for the initiation of the oscillation, as well as experimental work testing the validity of 
the models. Typically these models involve a simplified or generic geometry of the reed tongue.  In addition, 
the motion of the free-reed tongue in the early stages of the initial transient has been studied experimentally 
with the aim of determining the presence of higher modes and their possible role in the attack transient, as 
well as the possible relation of the details of reed geometry to details of the initial transient waveform, 
including the rise time. Comparisons of reed tongues of different design have been made to explore the role 
of these modes in the initial excitation. There is evidence that the first torsional mode and the second 
transverse mode may be significant in initiating reed oscillation, so that reed design enhancing the torsional 
mode may be helpful in alleviating the problem of slow attack.  [Work partially supported by United States 
National Science Foundation Grant PHY-1004860] 
 
Keywords: Free Reed, Transients  

1. INTRODUCTION 
This report on recent work related to the attack transients of free reeds has three sections. The first 

explores the importance of the higher transverse modes and torsional modes of the reed tongue in the 
initiation of the attack. It will be seen that the second transverse mode and the first torsional mode are 
usually present and appear to be significant in determining the promptness of the attack. 

The second reports a study of cases in which the reed chamber resonance can cause destructive 
interference with reed vibration, inhibiting reed response. A result of this can be the phenomenon 
known as “choking,” which can be a problem in higher pitched reeds in the harmonica and the 
accordion. 

A final topic briefly considered is research currently underway related to a suggestion that vortex 
induced vibration is significant in establishing the initial transient. This research interest part of a 
broader investigation of predictions of a “free reed tongue tip offset theory” recently proposed by 
Tonon [9]. 

2. HIGHER TRANVERSE AND TORSIONAL MODES IN THE INITIAL TRANSIENT  

2.1 Measurements of Free Reed Attack Transients 
Free reeds are characterized by their ability to vibrate freely through the reed plate or frame on which 

they are mounted.  In Western free reed instruments, such as the harmonica, accordion, and American 
reed organ, the reed tongue is mounted outside of the reed frame and is blown “closed” by the airflow 
initiating reed vibration [1]. 

 
 
 
 
 
 

Figure 1. Diagram of a Western free reed with the reed tongue mounted outside of the reed frame. 

                                                        
1 jcotting@coe.edu 

air flow 
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The motion of this type of reed begins with an initial displacement of the reed tongue into the reed 

frame.  The reed then begins vibrating and grows to its steady state amplitude [2].  There has been 
considerable research done on the steady-state vibration of free reeds [3-5] but, until fairly recently, 
relatively little has been done on their attack transients. 

The first section of this paper summarizes research on the initial transients of free reeds, in particular 
the question of the importance of higher transverse modes and torsional modes in the initiation of the 
attack.  The experimental work described in this section has been done on reeds from American reed 
organs, which were manufactured with characteristic curves in their reed tongues.  The manufacturers of 
the reeds claimed that this curve would have two effects: (1) it provides a faster attack, and (2) it improves 
the tone quality of the reed [6].  Figure 2 shows one of the reeds used in this study with the typical curved 
reed tongue.  

Although the motion of the reed is typically dominated by the first transverse mode, earlier research 
shows that higher vibrational modes, specifically the second transverse and first torsional modes, appear in 
the attack transients [2].  The research also suggests that the curve in the reed tongue helps to excite these 
higher vibrational modes, which leads to a faster attack in the curved reeds.  

Of current interest is the role of higher modes of vibration in attack transients as well as the effect of 
reed tongue shape on the presence of these higher modes and on the speed of the attack.      
 
 
 
 
 
 
 
 
 

Figure 2. Photo of a reed organ reed, showing the characteristic curve in the reed tongue. 
 
 

2.2 Details of an Initial Transient  
Experimental results thus far have shown that torsional and higher transverse modes are present in 

the early stages of free reed oscillation. 
Some of the best transient analyses to date have been made using a laser vibrometer signal. Figure 3 

from Reference [4] shows an oscilloscope trace of a transient of the 96 Hz F# reed suddenly released. 
Results of FFT spectra of the first three segments of this transient are shown in Figures 4, 5, and 6. In 
each of these figures the graph is truncated so that the strong fundamental at 96 Hz is off scale, and the 
appearance of the second torsional mode (811 Hz) and the first torsional mode (1610 Hz) can be 
observed.   
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Figure 3. Initial transient of the 96 Hz F# reed (suddenly released). The small box indicates the size of 

the FFT samples shown below in Figures 4-6. 
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Figure 4. FFT of first 10 cycles of oscillation. 
 
Figure 4 shows that the second transverse mode (811 Hz) and the first torsional mode (1610 Hz) begin to 
appear at this early stage. In the next stage (Figure 5 – below) the torsional mode becomes the more 
prominent of the two. By the third stage (Figure 6) the amplitude of the torsional mode has decreased, 
and the second torsional mode is more prominent. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
    

Figure 5. FFT of the second set of 10 cycles of oscillation. The torsional mode has become more 
prominent. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 6. FFT of the third set of 10 cycles of oscillation. The second transverse mode has become more 

prominent, with the amplitude of the torsional mode diminished. 
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3. EFFECTS OF REED RESONANCES 

3.1 Reed Chamber Resonance Experiments 
A problem that sometimes occurs with the higher-pitched reeds in both the accordion and harmonica 

is that coupling between the reed vibration and the reed chamber resonance can inhibit the sounding of 
the reed. This phenomenon has been investigated by Tonon [7], who describes it as follows: “The 
vibrating reed tongue and the air within and about the cavity are acoustically coupled together. In some 
designs, the effect of the cavity on the musical tone is small or negligible, in other designs, the effect of 
the cavity can significantly modify the musical tone; and in still other designs, the acoustic effect of the 
cavity can prevent the reed from speaking properly. As tongue vibration frequency and cavity mode 
resonant frequency become closer, however, cavity air vibration can become large enough to influence 
the self-excitation mechanism. Whether this influence assists or interferes with tongue vibration and the 
resulting musical tone depends upon the resonant mode of the cavity and how the reed is mounted in 
relation to the cavity. The interference described above can completely prevent the tongue from 
vibrating: the reed becomes choked. Choking is predicted, then, under certain conditions when tongue 
vibration frequency is in some neighborhood of cavity mode frequency.” 

This section reports on some experimental studies in which the coupling of a free reed with the 
Helmholtz resonance of the reed chamber was investigated to verify to what extent resonances of reed 
chambers can inhibit the sounding of the reed. Reeds from an American reed organ were mounted on a 
wind chamber with Helmholtz frequency that could be varied by adding small sections of pipe. The 
frequency of the reed chamber was varied to explore the ways in which the resonance of the reed chamber 
affects the threshold blowing pressures.  

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 7. A reed organ reed mounted on the variable resonance frequency reed chamber. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 8. Threshold pressures TP1 and TP2 as functions of reed chamber resonance for a 268 Hz reed 

mounted on a variable-resonance wind chamber. 
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The results measurements made with a reed of natural frequency 268 Hz are shown above in Figure 8. 
The first threshold pressure (TP1) was determined by starting at zero pressure and gradually increasing the 
blowing pressure until the reed began to sound. Similarly the second threshold pressure (TP2) was defined 
by starting at a higher initial pressure and gradually decreasing the blowing pressure until the reed would 
no longer sound.  

It can be seen that it is possible to excite the reed at very low pressures for most reed chamber 
resonance values, but for values near the reed resonance, excessive pressure (far above normal playing 
pressure is required. In a few cases sounding the reed was not possible with pressures available. (One case 
was observed in which the reed and chamber resonances were mismatched in such a way that the reed 
sounded at the frequency of its second transverse mode.) Detailed results of a few representative trials are 
illustrated below in Figures 9-10. 

 
 

 

 

 

 

 

 

 

 

 

 

 
 
 
Figure 9. Oscilloscope traces showing results for a 268 Hz reed coupled to a 327 Hz wind chamber. There 
is negligible interference from chamber resonance. The two blowing pressures illustrated are within the 
normal range of playing frequency. 
 

 

 

 

 

 

 

 

 

 

 

 

 
Figure 10. Oscilloscope traces showing results for a 344 Hz reed coupled to the 327 Hz wind chamber. 
There is a major effect from chamber resonance. Note the change in vertical scale of the oscilloscope 
traces as compared to Figure 9, as well as the distortion in the reed vibration waveform 
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4. A CURRENT TOPIC OF INVESTIGATION 

4.1 Vortex induced vibration and the initial free reed transient  
Tom Tonon has recently proposed [8] that the very early initial free reed transient is a result of 

“vortex induced vibration, or at least periodic eddy induced vibration.” This theory uses the following 
two assumptions: (1) The minimum bellows pressure Ps needed to start the eddies is that which will hold 
the tongue tip into the entrance plane of the slot. (2) Small dissipation in the system allows for a high Q 
resonance at the natural frequency of the reed. These assumptions lead, eventually, to the following 
equation for the “start pressure”  

 

where the quantities are a = offset, E = elastic modulus, I = cross area moment of inertia, W = reed 
tongue width, and L = reed tongue length. 

Further calculations not detailed here result in the following equation for the frequency of eddy 
formation: f=vS/W.  

In this case f is the the eddy fornation frequency, v is the velocity of air moving about the tongue tip, 
and S the Strouhal number for this moving air. Attempts at experimental verification of these equations 
and related results are underway and could provide interesting future work. 

5. SUMMARY 
Experimental results thus far have shown that torsional and higher transverse modes are present in 

the early stages of free reed oscillation, and generally present to a higher degree than in steady state 
oscillation. Several authors have proposed models for free reed excitation, including possible initial 
transients [14-16]. The models brought forward up to this point include only the fundamental transverse 
mode and do not consider the possible significance of higher modes of vibration during reed attack.      
It is hoped that continuing detailed experimental study of the initial transients in free reed instruments 
will provide new insights into the reed excitation mechanism. 
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ABSTRACT 
In electronic music, formant filtering refers to transforming a source signal to sound like vowels. However,                
existing plugins, such as iZotope VocalSynth 2, and The Orb do not focus on preserving the timbre of the                   
source audio after filtering. In this paper, an algorithm is proposed for replacing a sustained vowel of one                  
singer with another vowel while preserving the timbral characteristics. Here we assume that a timbre source                
signal (TSS) and a vowel source signal (VSS) are available by recording from singer 1 and 2, respectively.                  
Spectral envelopes below 5k Hz of both signals are extracted first. Then, the ratio of the two envelopes is                   
used for fine-tuning the TSS power spectrum and this process will be repeated iteratively. Upon               
completion, the output file is meant to preserve the timbre of singer 1 while its vowel identity, including the                   
accent, has been changed to that of singer 2. To evaluate the synthesis quality, sustained vowels sung by 11                   
singers were recorded, and the proposed algorithm was applied for cross-synthesis. 11 subjects are invited               
to tell if synthesized timbre resembles singer 1 or singer 2. Results show that 7 subjects successfully chose                  
singer 1 with accuracy > 70%. 
 
Keywords: Vowel, Formant filtering 

1. INTRODUCTION 
Human brains could extrapolate the timbre features of a specific person upon hearing few or one                

instance of his sustained vowel voice (1). For instance, people could imagine what the sustained vowels /a,                 
i, u, e/ of an individual might sound like by listening to his sustained vowel /o/ only. This transformation                   
process only modifies phoneme category rather than timbre characteristic, so people still know the voice is                
pronounced by the same person. 

In speech synthesis, the spectral envelope of the power spectrogram determines the timbre of the vowel.                
Speech is fully intelligible through the telephone bandwidth (nominally only 200-3200 Hz) (2). Plus, the               
vowel category is determined by first few formant positions. Therefore, the low-frequency band mostly              
contributes to which vowel the given audio sounds like. Human’s vowel perception can be generalized by                
the first three formant frequencies (3). For example, a formant filtering plugin called The Orb (4) provides                 
a function that transforms any sound into a vowel-like formant-filtered sound with a set of three band-pass                 
filters. However, filtering signal with few band-pass filters would discard voice details such as high               
frequency component, leading to some degradation of audio quality. Other plugin like iZotope VocalSynth              
2 (5) uses scientific modeling of the human vocal tract to adjust human vocal characteristics like nasality,                 
vowel shapes, and formants for a smooth, textural vocal treatment to any audio signal. Although the plugin                 
provides flexible controlling parameters for voice manipulation, it does not yet support vowel             
transformation like synthesizing transformed vowel according to the timbre of the input audio.  

In this work, an iterative formant filtering algorithm is proposed to simulate the extrapolation ability               
mentioned above. The method is applied to transform one of Japanese 5 vowels, namely /a, i, u, e, o/,                   
recorded from a subject to any other 4 vowels without changing one’s timbre characteristic. In previous                
work, Bohm (6) has already proposed a formant filtering method to achieve this kind of effect. However, 
in that work the only resynthesis experiment was transforming a Hungarian word “fésü” (fE:SU) to               
“fásü”(fA:SU). Whether other transformation combinations might work properly as well remains unknown.  

 
1 fuji@gapp.nthu.edu.tw 
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Figure 1 – (from left to right) power spectrogram of  /a, i, u, e, o/. The darker color means  
higher magnitude.  

calculate the ratios of formants of the sounds and derive a multiplication factors to modify spectral                
envelope. This might not be a problem if the source spectrogram has clear harmonic series at 0~5 kHz. As                   
shown in Figure 1, the harmonic series of /e/ is prominent at 0 to 5 kHz and the pronunciation of /e/ is                      
similar to Hungarian “é” in “fésü”. However, other vowel such as /u/ does not show prominent harmonic                 
series above 1 kHz. Whenever the vowel /u/ is transformed to the other vowel with clear harmonic series                  
above 1 kHz, such as /e/, the high-frequency part of /e/ cannot be fully recovered by multiplication in the                   
spectral domain. 

2. Data preparation 
2.1 Dataset 

A glissando dataset was built for synthesis and evaluation. 26 subjects (18 males, 8 females) between                
the age of 22 and 25 were recruited, including 1 female professional singer, 5 amateur male singers and 20                   
singers who did not receive any singing training. Each subject was told to sing vowels /a, i, u, e, o/                    
respectively in glissando form. The start and end of the pitch were chosen by the subject, and they could                   
use their most comfortable pitch range to sing. The recording was done in a recording studio with Surface                  
Pro 4 laptop microphone. The digital sampling rate are 44100 Hz. A subject was asked to sing the glissando                   
vowel /a/ and the DIO algorithm (7,8) in WORLD vocoder (9) was used to analyze the pitch contour of the                    
recorded audio data. The pitch of the other four vowels, which are  
/ i, u, e, o/, sung by the subject should cover the same range of /a/. 

To ensure that the sound quality of recording data is reliable, each audio files needs to pass a judgment                    
program with the assistance from the WORLD vocoder. The judging criteria are elaborated below: 

● The pitch analyzed by DIO algorithm should not contain any pitch doubling. 
● The pitch difference between two adjacent frames should be less than 0.35 note. The frame length                

is 10 ms with 0 overlap.  
● Human-based pronunciation check 
If the recorded audio files failed to satisfy the criteria listed above, they would be either discarded or                   

fixed by some tricks described below: 
● DIO algorithm returns 0 if the pitch of the specific segment is indeterminable. These frames were                

automatically discarded. 
● The frames were sorted in pitch order before running pitch resolution test 
● If there was a slight defect in the audio file, the subject is allowed to record two audio files and                    

merge them by crossfading. However, this approach might lead to some discontinuous pattern             
when WORLD vocoder resynthesize the glissando audio, so subjects would be asked to try their               
best to complete recording at one go.  
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Figure 2 – generating sustained voice from glissando singing data. The left figure shows the 

spectrogram of glissando /a/, and the right figure shows the spectrogram of synthesized sustained /a/  

2.2 Sustained voice resynthesis 
As shown in Figure 2, for each glissando audio files, WORLD vocoder is used to extract audio features,                   

which include smoothed spectral envelope, aperiodic parameter, and f0. When resynthesizing sustained            
voice, a pitch value is selected. An audio frame with the pitch value closest to the selected pitch value                   
would be used for synthesis. Finally, a sustained voice can be synthesized by duplicating the frame by N                  
times and feeding the features back into WORLD vocoder. 

3. The Vowel Transformation Algorithm 
The transformation process consists of three steps: Spectral envelope extraction, VSS iterative envelope              

fitting, and synthesis. Since the magnitude perception of human ears is logarithmic, each frame’s power               
spectrum is transformed to log scale, 

Ω = log10(|F(w(t))|) (1) 

where w(t) is window function and F stands for Fourier transform. In our case, the Hann window is applied                   
and the window length and hop size are 8192 and 441 respectively. Because the most vowel characteristic                 
presents in the low frequency part, for male, only the first 500 of 8192 FFT points (approximately 0~2700                  
Hz) will be subsequently subject to filtering during the iteration process. Female sound input requires               
800~1000 points to represent the vowel features because female generally has higher formant frequency              
(10).  

3.1 Spectral envelope extraction 
Spectrums of the same vowels at different pitch share almost the same spectral envelope (11). Once the                 

filter’s envelope is derived, it can be applied on input source with any arbitrary pitch. Several techniques                 
have been proposed to extracted spectral envelope and the most commonly used approach are linear               
prediction (LP) (12) and the cepstrum (13) method. Nonetheless, both methods have some limitations: The               
LP envelope tends to overestimate peaks (14), and the cepstrum envelope contains too much ripples,               
leading to pitch shifting after performing formant filtering (see Figure 4). 

Given a power spectrum with logarithm magnitude, the spectral envelope is extracted by performing              
cubic spline interpolation alone peaks. To extract peak locations, an algorithm is devised to search along                
the frequency axis for local maximums. The extraction target is the peak of each harmonic series. Since the                  
harmonic peaks are almost equally spaced in linear frequency scale ,a minimum horizontal distance between  

  
Figure 3 –  “x” marks stand for peaks founded by the proposed algorithm.  
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two peak is set to avoid finding extra peaks between two harmonic component. Figure 3 shows the result of 
peaks extraction algorithm performed on the power spectrum of vowel  /a/. Finally, each peaks are interpolated 
with a cubic spline line, forming a spectral envelope. The result is shown in Figure 4. This method is quite 
similar with the Empirical Envelope Estimation Algorithm (EEEA) proposed by Meng (15). The different 
part is that the proposed algorithm uses all harmonic peaks instead of prominent peaks when performing 
spline line interpolation. 

 
Figure 4 –  Spectral envelope /a/ extraction result.  

3.2 VSS iterative envelope fitting 
In this part, the power spectrum of TSS is filtered iteratively until it fits that of VSS. To achieve this,                    

both the envelopes of TSS and VSS are extracted first. A transformation filter is derived by calculating the                  
ratio of VSS envelope to TSS envelope. After applying the filter to the TSS power spectrum, a new spectral                   
envelope will be calculated again. The iterative filtering process would make the spectral envelope of TSS                
approximate to VSS’s spectral envelope. 

Since the modified 500 points power spectrum will be combined with the rest of frequency bins at the                  
synthesis stage, the connection part might have large discontinuity. To address this issue, the last few points                 
of 500 points filter are multiplied by a fade out kernel when performing formant filtering. Note that this                  
process is also done on log magnitude spectrum. The kernel is defined as where n is the kernel size.             0.7n        
Empirically, the length of the fade out kernel is chosen to be 20. 

 
Figure 5 – A demonstration of the iterative process of formant filtering. In this case, the vowel /i/ is 

transform to /a/.  
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3.3 Synthesis 

Finally, the power spectrum of each frame is reconstructed by juxtaposing the 500 points with the rest 
high frequency bins. Combining the modified power spectrum and the original phase spectrum of the 
timbre source, the audio can be reconstructed by calculating the inverse Fourier transform of each frames 
and performing overlap and add.  

4. Evaluation 
A questionnaire is devised in order to justify whether the synthesized audio actually preserves the               

timbre of TSS. The questionnaire consists of ten questions and each question has seven scales (0-6) that the                  
evaluators can choose. For each question, subjects would be asked to listen to three audio files. The first                  
two files are WORLD vocoder resynthesized voices, which are the same vowel sung by two different                
singers (singer 1, singer 2) at the same pitch. The third file is synthesized audio which takes singer 1 as                    
TSS and singer 2 as VSS. Subjects should tell to what extent the synthesized audio’s timbre sounds like                  
singer 1 or singer 2. If the audio sounds 80% more like singer 1, subjects should choose “0”. Similarly,                   
subjects should choose “6” if the audio sounds 80% like singer 2. The scale size is 10 %, and the center                     
scale “3” indicates that the subject can not tell who the synthesized audio sounds like. For example,                 
subjects would listen to the sustained vowel /i/ of singer 1 and 2 at the begin. Then, they have to listen to a                       
sustained vowel /a/ audio synthesized by singer 1’s /i/ (TSS) and singer 2’s /a/ (VSS) sustained vowel. The                  
goal is to verify the synthesized voice preserves the timbre characteristic of singer 1 and the vowel                 
characteristic of singer 2. 

Among 10 questions, first 5 questions synthesized /a/ by singer 1’s /i/ and singer 2’s /a/ and another 5                   
synthesized /i/ by singer 1’s /a/ and singer 2’s /i/. The reason for examining /a/ and /i/ was these two                    
vowels’ power spectrums had less similarity as shown in Figure 1. Also, boosting the low amplitude of /i/                  
vowel at 500 Hz to 2000 Hz might be challenging. Therefore, testing the performance of converting /i/ to                  
/a/ would be a good indicator for the algorithm. The audio files used in the questionnaire were generated by                   
randomly picking several singers from the glissando dataset. This experiment only includes male singing              
voice. Using different gender’s TSS and VSS could change the timbre of TSS significantly, unless the pitch                 
of both sources were close. Accordingly, 11 male singers were chosen for generating the 10 questions                
mentioned above. 

 
Figure 6 – The result of the hearing test questionnaire. The first row (Q0-Q4, from left to right) 

examines the performance of synthesized voice /a/ by taking /i/ as input and the second row (Q5-Q9) 
examines  /i/  synthesized by /a/.  

Figure 6 shows the response of each question. Both TSS and VSS would be randomly assigned a 
number 0 or 6 and the subjects have no idea which source signal belong to which number. According to the 
result of figure 6, the second case, e.g., /i/ synthesized by /a/ is more likely for subjects to believe that the 
synthesized voice is similar to TSS. Also, the synthesis quality is case sensitive: while the response of Q8 is 
unanimously correct, Q6’s timbre similarity to TSS is not as recognizable. The reason for this could be that 
too many iterations are run or too many interpolation points are used for interpolation so the spectral 
envelope of TSS overly approximates that of VSS.  
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5. DISCUSSIONS 
Our algorithm successfully transfers one’s vowel into any other four Japanese vowels while the timbre               

characteristic remains unchanged. However, it has some limitations. First, the pitch of both sources should               
not be too much different. The difference might introduce some noise in the low frequency part of the                  
synthesized vowel. Consequently, it is highly recommended to tune the pitch of VSS and TSS to the same                  
level before filtering. Second, the performance of the algorithm highly depend on the accuracy of spectral                
envelope, so the incorrect extraction result such as finding some wrong peaks locations would yield a                
degraded or distorted result. Last but not least, our algorithm has better performance when TSS and VSS                 
come from the same singer. If different gender’s TSS and VSS are used, the pitch of both sustained singing                   
signals need to be close. When same pitch signals are not available, tuning the pitch of input signal by a                    
formant preservation method (13) might be required. 

6. FUTURE WORK 
When different singer sources are used for synthesis, the timbre characteristic of filtered results might               

lay between two singers and the degree depends on how many iterations are run and how wide the filter is.                    
This shows that spectral envelope is one of the key point that makes a voice sound like a specific person.                    
Currently, to achieve the best synthesis quality, parameters such as kernel length, number of points used for                 
interpolation, iteration times are chosen empirically. In the future, an automatic parameters selecting             
strategy need to be proposed to ensure the stability and generality of the algorithm. 
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ABSTRACT 
The Ikoro, or Ekwe, is a wooden slit drum of the idiophone family. The Ikoro, which by virtue of its functions 
and its predominance in the eastern parts of Nigeria with the Igbo tribe, plays an important role in the Igbo 
musical culture and settings. The Ikoro produces a very deep rich bass sound, which can be heard from a 
distance, and has a sustained reverberation important in rendering a background beat to music or as a sound 
of warning. This paper provides a multifaceted look at the features of Ikoro drum sounds. The historical 
importance and constructional process of the Ikoro are presented. A traditional frequency domain analysis is 
shown that indicates the sustained reverberation. In addition, the isomorphism between Ikoro music and 
mathematics are investigated by applying the narrative of mathematical music theory developed by Richard 
Cohn (Yale). This work explores how the rhythm, meter and pitch of Ikoro music, can be represented through 
using various techniques such as visualizations and sonifications, by applying Cohn’s beat class set theory 
with Andrew Milne’s (WSU) instruments of mathematical music theory, the cyclic graph XronoBeat, and 
SkiHill apps. These analyses provide a deep understanding of the distinct sound of the Ikoro. 
 
Keywords: African Drums, Ikoro, Musical theory 

1. Introduction 
For communication between humans and deity, humans and animals, and between people, the Igbo 

people, in the South-east region of Nigeria, has historically relied on musical instruments. One specific 
drum, that is central to Igbo music is the Ikoro or Ekwe, pictured in Figure 1. Ikoro drums are used in 
some Igbo areas of Anambra, Imo, Abia, Enugu and Ebonyi states of Nigeria. The Ikoro drums are a 
monumental symbol for the Igbo people and are normally positioned or mounted strategically for 
optimal acoustic at the community’s public square (Ama) such as a market.  An Ikoro drum is often 
associated with a major deity or village government and is used to transmit coded and important 
information to indigenes in the area, both before and after the advent of modern ways of disseminating 
information. 

 Although the names Ikoro and Ekwe are used interchangeably—the name used generally varies 
by tribe—each has distinctive characteristics. The Ikoro is made from the bore log of ufie (osisi obala), 
found in the Igbo region, also known as cam wood tree, while the Ikoro is made from mango tree/wood. 
The different wood causes the Ikoro to have a deeper, bass sound, and the Ikoro to have a lighter sound.  
The significant difference between the Ikoro and the Ekwe is the size: The Ikoro is typically larger than 
the Ekwe. In Nkwo market in Umunze, Orumba North Local Government Area of Anambra State, 
stands the biggest wooden slit drum in Igbo land, or perhaps, in the world (1): the Ikoro Obibiaku, 
measuring about 9 feet in diameter and 8 feet long.  
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Figure 1 - a) An Ikoro being struck and b) and Ikoro. 

 
The Ikoro holds a sacred place in Igbo culture. A community’s Ikoro is typically housed in a special 

location. An example is shown in Figure 2 of where the ulo Ikoro is housed in Akoli-Imenyi of the 
Bende local government area in Abia state Nigeria. An Oomu (palm front) on the door indicates that 
the Ikoro is sacred and should be reverenced at all times. Traditionally, only men in general and male 
children are allowed to play the Ikoro in conjunction with specific ceremonies and festivals. 

Although, the Ikoro and its music are generally representative of the culture of the Igbo tribe, the 
Ikoro is mainly associated with the upper group in their stratified society.  In most parts of Igbo land, 
the Ikoro is typically employed in instrumental music associated with leaders and highly respected 
people. For example, the Ikoro functions as one of the principal instruments of Ufie music in 
traditional settings, limited to Ozo title taking, coronation of a king (Iwgwe), the Ofala festival, 
funeral of a titled person, and the Iguaro or Iwaji festival. Nzewi (2) classified this type of music as 
Event-Music with the subheading Egwu Ogalanya (Title music).  

 

 

Figure 2 - The ulo Ikoro is housed in this building in Akoli-Imenyi of the Bende local government area in 

Abia state Nigeria. An Oomu (palm front) on the door indicates that the Ikoro is sacred and should be 

reverenced at all times. 

2. Physical Characteristics and Construction of the Ikoro Drum 
The basic form of an Ikoro drum is a big slit drum from a cylindrical tree trunk.  Except for its huge 

size and the monumental importance attached to it, the Ikoro has little or no difference from other slit 
drum types in Igbo land.  The Ikoro drums with extra projections and body decorations, in their 
simplest forms represent visual imagery of a male figure lying on his back. The abstract cylindrical 
mass of the drum forms the main body.  It is on this cylindrical mass that a cavity is opened to produce 
the Ikoro sound.  The mouth of this cavity is in the form of two rectangular shapes joined by a narrow 
slit, as shown in Figure 1. Some areas around Umuahia (like Ohuhu) have examples of such Ikoro 
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drums lacking extra projections or relieved designs on their bodies.  This type, however, does not 
really help us much in understanding the Ikoro because it is in the minority.   

3. Results and Analyses 
The sounds of the Ikoro drum are examined to quantify the difference between the forward and 

backward tones using a spectral analysis and to identify the rhythm, meter, and pitch using musical 
beat-theory. The audio was extracted from a video of the Ikoro drum played for 12 seconds at a tempo 
of approximately q= 120 beats per minute.  The Ikoro was struck in the forward-backward pattern five 
times followed by the backward-forward pattern five times.  The audio, shown in Figure 3a, was 
saved as a WAV file, which scaled the amplitudes of the recording between +/- 1, thus all amplitudes 
and levels herein are relative to this scaling. The prominent resonances sound like C3 (Low) and E3 
(High).  

3.1 Spectral Analysis      
The acoustical differences between the sounds from the forward and back striking locations can be 

seen in both the waveforms and the spectra.  The waveforms and spectrograms for the entire 
recording are shown in Figure 3. The division between striking location is annotated in the waveform 
in Figure 3a.  The corresponding spectrogram is shown in Figure 3b, which shows how the 
spectrum—frequency content—varies with time.  The spectrograms show clearly the difference in 
higher frequency content between the forward and back sounds, Figure 3c provides a zoomed in 
version that is more useful for seeing the lower frequency differences. Differences at low frequencies 
correspond to the perceived change in pitch, while the difference over the rest of the frequencies 
accounts for the differences in timbre or tone color. To look more closely at the difference between the 
forward and back striking locations, zoomed in versions are shown for two note pairs.  The 
waveforms and spectra from one of the forward-back sets are displayed in Figure 4.  

The waveforms and spectrograms from the Ikoro drum recording show differences in the sounds 
due to striking location.  The waveforms in part a) of Figures 5-6 show that the sound amplitudes for 
the forward striking location are longer and show a more gradual decrease than the back location.  
The waveform amplitudes for the back location has an initial decay followed by a slight increase in 
level before the final decay.  The spectrograms in parts b) and c) of Figures 5-6 show these same 
temporal characteristics and also show differences in the frequency content of the two sounds.  There 
is a definite shift in low frequency content between the two: the forward striking location produces a 
sound with large levels at lower frequencies than the backward striking location.  This changes causes 
a shift in the perceived pitch between the two notes with striking in the forward location sounding 
lower than striking in the back. In addition, the high frequency content of the two sounds are different. 
The forward location produces a tone with more energy in the 1000-2000 Hz band, but the back tone 
has more energy above 2000 Hz. 

The difference can be seen more easily when average spectra are compared, as in Figure 5.  The 
spectra shown are the average of the spectra for each tone’s most steady section from the five times the 
tone is struck first (in Figure 3). The comparison of average spectra in Figure 5 shows the main spectral 
differences between the forward (blue) and back (red) locations.  The lowest peak in the spectrum is 
typically related to perceived pitch. (Note, all the frequencies presented herein are approximate due to 
the 3 Hz resolution in the spectrum.) For the forward case, the lowest frequency peak is at 140 Hz and 
is larger than any other spectral peak by at least 10 dB.  For the back case, the lowest peak is at 158 Hz, 
but the largest peak is at 205 Hz.  (For comparison, here are the frequencies associated with notes on 
a piano, C3 = 131 Hz, D3 = 147 Hz, E3 = 165 Hz, F3 = 175 Hz, and G3 = 196 Hz, and A3 = 220 Hz.). 
The peak frequency for the forward case of 140 Hz lies between C3 (131 Hz) and D3 (147 Hz), while 
the lowest peak frequency for the back location of 158 Hz lies between D3 and E3 (165 Hz). The 18 Hz 
difference between these lowest frequency peaks corresponds approximately in this octave to the 
interval of a major third.  The 205 Hz frequency of the highest peak in the average spectrum indicates 
that the sound for the back location has a strong frequency component between G3 (196 Hz) and A3 
(220 Hz), which likely contributes to the perception that the back sound is a fifth above the forward 
sound.       
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a)     

b) c)  

Figure 3 a) Waveform and b) spectrogram of the first recording showing a series of strikes on the Ikoro drum.  

The first five pairs have the forward tone first followed by the back tone.  The second five have back and 

then forward. Zoomed in version of the spectrogram in c). These amplitudes and levels are relative levels 

after the sound from videos was converted to a WAV file, which scales waveform amplitudes between +/- 1. 

3.2 Rhythm, meter and pitch 
The rhythm, meter and pitch of the Ikoro drum sounds are analysed using Cohn’s mathematical 

music theory (3) the first theory of meter to focus on the measurable qualities of both music and 
mathematics in the psychoacoustic experience of listening to music. To do this, we introduce 
visualizations and sonifications of mathematical music theory (beat-class theory) to analyse the music 
of the Ikoro drum to determine the meter and rhythm and, in conjunction with spectral analysis, we 
determine the mathematical properties of pitch internalized by the listener. Then, the spectral analysis 
also examines in detail quantifiable elements, such as, volume, frequency, and timbre. 

3.2.1 Background 
Cohn’s beat-class theory represents modern meter theory instead of, for instance, propagating 

notation-based understandings of meter and rhythm, which propagate inaccurate quantifications of 
meter. Traditional, notational-based meter theory doesn’t recognize all metric levels and only two 
pulses are recognized by the meter signature. Cohn’s modern meter theory, on the other hand, 
recognizes all of the pulses the listener hears because it is based on the understanding that meter is “an 
inclusionally related set of distinct, notionally isochronous time-point sets” and it acknowledges 
research which indicates that musical meter is located in the listener as an embodied  psychoacoustic 
or “mind and body” response to the stimulus of sound (4). In a sense, Cohn’s theory provides a 
universal theory of music because it is based on mathematics, which can be applied to the embodied 
psychoacoustic experience of music from around the world. Cohn’s beat-class theory ( 5 , 6) is 
visualized through the instruments of mathematical music theory:  the ski-hill graph (7) and the cyclic 
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graph. Computerized versions of these—the SkiHill app (8) and XronoBeat (9)—enable listeners to 
record the quantifiable mathematical properties they experience subjectively when listening to music.   

a)  

b) c)  

Figure 4 a) Waveform and b) spectrogram from a forward then back strike on the Ikoro drum. Zoomed in 

version of the spectrogram in b). 

a) b)  

Figure 5 Comparison of the average spectra for forward and back striking.  

 
The ski-hill graph, which is a two-dimensional matrix designed by Cohn to represent hemiolas, is 

arguably the most compact and efficient instrument of music theory for the listener to quantify meter 
(10). The nodes of the ski-hill graph are empty to represent that meter is understood as sound 
experienced rather than as the notation. The listener has the option to choose to map the quantified 
results of their psychoacoustical embodiment of sound through mapping the pulses they hear that form 
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meter as empty nodes, traditional notation, fractions, polygons, and a choice of sonifications (see 
Figure 3).  Unlike linear-notation, by mapping adjacent pulses in a relation of inclusion in a ratio of 
2:1 duple meter to the left direction and adjacent pulses in a relation of inclusion in a ratio of 3:1 triple 
meter to the right direction, the two different metric pathways or subdivisions provide a useful 
distinction visually and through sonifications (in the computerized version).  Minimal meters are 
formed in any music where there are duple and triple minimal meters such as those heard in the Ikoro 
music of the following analysis. Meter is represented as ordered set notation where minimal duple 
meter is represented as <2>, minimal triple meter as <3> and deep meter as, for example <232>. 

The cyclic graph and its computerized version XronoBeat (9) also measures the mathematical 
properties of meter but in a circular graph which, unlike the ski-hill graph, also has the capacity to 
represent rhythm and pitch with integers, polygons and sonifications. Rhythm is defined here as 
timepoints selected from the metric hierarchy and pitch is defined as frequency. Meter, rhythm and 
pitch are all presented as sets on cyclic graphs in visualisations of beat-class theory as integers, 
polygons, and sonifications. In this way rhythm, meter and pitch are quantized through the listener’s 
own reporting of these elements as sets using beat-class and pitch-class theory and spectral analysis in 
visualizations and sonifications.  

 
   3.2.2 Application  

The results of using the SkiHill app (8) and the XronoBeat (9) on the Ikoro drum sounds are now 
shown.  According to the SkiHill graphs, shown in Figures 1a)-c), the Ikoro drum music exhibits the 
meter <232> with adjacent pulses in a relation of inclusion in a ratio of 2:1, and minimal triple meter 
to the right pathways, adjacent pulses in a relation of inclusion in a ratio of 3:1. Figure 1a) represents 
the meter with traditional staff notation (and sonifications). Figure 1b) represents a hearing of the 
meter through fractions and polygons which represent a C12 cycle through divisions, periodicity, and 
sonifications. The results from XronoBeat (9) are shown in Figure 1c) are cyclic graphs, where 
beat-class theory is represented in sets as integers, polygons, and sonifications representing C12 
{0-11}.  

 

a) b)  c)  
Figure 6 - Representations of the deep meter <232> a)-b) ski-hill graphs; c) polygons; d) cyclic graph with 

integers and polygons. 

 
The selected nodes and their edges in Figure 3 form a metric pathway to represent adjacent pulses 

in a relation of inclusion in sets (a set refers to pairs of pulses where one of the notes is either two or 
three times faster or slower than the other) of minimal duple meter in a ratio of 2:1 sloping to the left 

direction, such as , or   and minimal triple meter in a ratio of 3:1 sloping to the right 

direction  or  . Unlike pulse stacks in a linear-vertical orientation where the minimal meters 
can be identified in a straight line, mapping the pulses duple meter to the left and triple meter to the 
right pathways provides an additional benefit of a representation which differentiates the meters 
visually as distinct duple and triple meters and pathways. Representation of a deep meter on a ski-hill 
graph such as <232> means the relationships between the pulses forming duple and triple meters can 
be observed more closely and studied as isomorphic representations of the embodied experience of 
mathematics. The integers in Figure 1c) <232> represent the depth of the meter in the metric hierarchy 
experienced from listening to this piece. In the deep meter <232> the span pulse is worth two of its 
next fastest (adjacent) pulse in the metric hierarchy, six of the next fastest pulse, and twelve unit or the 
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fastest pulse. Thus, the ski-hill graph enables the listener to articulate the embodied mathematical 
experience of musical meter without having to default to traditional Western notational understandings 
of meter (10).  

A summary of the temporal evolution of the 12 s Ikoro drum recording in shown in the timeline in 
Figure 4. The data documented (bottom to top) in Figure 4 represents observations of the following 
elements: the rhythm in traditional notation; integers for C3 (beat-class theory); a timeline; the onsets 
as ten sets of two pulses as X’s; the listener’s subjective accents; an indication of the two pitches as L 
(Low) and H (High); the numbers for counting meter are based on the number of pulses heard for each 
timepoint (as indicated by the pulses stacked above in the metric hierarchy section); the top four lines 
are the pulses a listener can observe from the fastest (bottom) to slowest (top) in the metric hierarchy. 
Above the lines is an indication of the metric displacement the listener hears and the minimal meters 
are listed to the left as pairs of pulses in a vertical stack. The metric hierarchy is represented through an 
indication of the minimal meters through a pulse stack with 2 representing duple meter and 3 
representing triple meter and numbers for counting meter. An approximation of the pitch is illustrated 
(L is approximately C3 and H is approximately E3). The notionally isochronous time point sets 
(pulses) in the metric hierarchy section of Figure 4 are those which can be observed from hearing the 
repetition of the rhythm of the Ikoro drumming.  Through projection and entrainment the parallelism 
(MPR 1) experienced through listening to the rhythms, initiates inclusionally-related sets of pulses in 
ratios of 2:1 or 3:1, to form minimal and deep meters. 

 
Figure 7 Timeline and initial analysis (‘note-taking’) for clues to analyse the rhythm, meter and pitch. 

 
From listening closely to the Ikoro drumming solo and quantifying the rhythms, meter and pitch 

through visualizations and sonifications of Cohn’s beat-class theory, many important details of 
potential cultural significance were discovered that would normally go unnoticed. For instance, 
through ski-hill graphs it was possible for a listener to map all of the pulses that formed part of their 
psychoacoustic experience of meter and mathematics. From quantifying the pulses through pairing in 
2:1 or 3:1 ratios, minimal meters could be mapped to a metric hierarchy in distinct duple and triple 
metric pathways to form deep meter. The meter, rhythms and pitch were then mapped to cyclic graphs 
so as to further quantify the Ikoro drumming solo through examining the cyclical hierarchy, periodicity, 
sets, ratios, and divisions through polygons to reveal an otherwise hidden metric and tonal structure.  

The value and potential of Cohn’s mathematical music theory to quantify details about Igbo culture, 
including music and everyday sounds, is immense. In this way Igbo cultural practices and 
contributions, which are at risk of disappearing through a rapidly changing world, can be preserved for 
future generations. Recordings, spectral analysis, written accounts and photographs are all important 
for the preservation of a culture, however, the importance of the role of the listener in preserving the 
aural tradition through quantification of music and sound for future generations, should no longer be 
overlooked.  

4. Conclusion 
The Ikoro drum plays a central role in Igbo culture.  Thus, an important part of preserving their 
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musical heritage is to document the musical and acoustical characteristics of the Ikoro drum. These 
characteristics have been studied using acoustical signal analysis and Cohn’s beat-class theory.  

The musical characteristics of the Ikoro drum include the meter, rhythm, and pitch.  If this rhythm 
were to be analysed and notated solely using traditional staff notation, or, as a linear arrangement, a 
number of important structural elements would go unnoticed. Cohn’s beat-class theory, therefore, can 
provide more accurate accounts of music such as this study of the music of the Igbo’s of Nigeria.  
Thus, although the listener quantifying the Ikoro pitch couldn’t hear A3 a machine detected it and the 
six-note scale was important to study. In a mathematical environment it was possible to study both 
meter and rhythm with pitch where before none of the music was literally notated only ‘felt’ or 
projected and entrained to. Most of the pulses were experienced in the imagination unseen and in a 
sense unheard but ‘felt’. 

In approaching musical analysis through visualisation and sonifications of Cohn’s beat-class theory 
the listener articulates their own quantifiable experience of music through the scientific examination 
of music, such as in our study of the music of the Igbo’s Ikoro music of Nigeria. The capacity for the 
ski-hill graph, to delineate between duple and triple meters provides a powerful reason to include 
ski-hill graphs in the analysis of any music wherever duple and triple meter are evidenced in the 
psychoacoustical experience of the listener. We would argue that Cohn’s mathematical music theory 
should be included in classroom music textbooks and online resources so that the cultural significance 
of music such as the Igbo’s can be appreciated and preserved for future generations. 
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ABSTRACT 

This paper explores how mathematical music theory (beat-class theory), represented through visualizations 

and sonifications using ski-hill (1) and cyclic graphs, provides a suitable approach for the analysis of the 

meter and rhythm of Ikorodo music of the Igbo people of Nigeria. Unlike traditional music theory, 

instruments of mathematical music theory have the capacity to represent the listener’s psychoacoustic 

experience of music because modern meter theory (11) encompasses the recognition and documentation of 

the experience of mathematics during listening (4). Our presentation explains how the embodied 

psychoacoustic experience of both music and mathematics can be quantified and represented through 

visualizations and sonifications of beat-class theory when listening to Ikorodo music. Arguably, the use of 

traditional Western music theory in music textbooks to analyse all music has resulted in a ‘dumbing down’ 

of music curricula in general (2,3,4).  However, recent research indicates the efficacy of teaching the 

isomorphic relation of mathematics and music in an interdisciplinary and student-centred approach (5,6,7). 

Thus, through the application of mathematics to analyse Ikorodo music we will demonstrate how the Igbo’s 

Ikorodo music can be recognised for its complexity, beauty, unique characteristics, and cultural importance. 

1. Introduction 

In the following section, we explore how the visualization and sonification of beat-class theory using 

ski-hill and cyclic graphs provides a suitable approach for the analysis of Ikorodo music of the Igbo people 

of Nigeria. With a focus on musical meter and rhythm our analysis demonstrates how mathematical music 

theory and the instruments of mathematical music theory the SkiHill app (8,9) and XronoBeat app (10) 

enable the listener to articulate their subjective embodied psychoacoustic experience of the Ikorodo music. 

Unlike traditional music theory, where notation-based understandings of meter propagate flawed 
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understandings of meter (11,5,6), mathematical music theory (beat-class theory), possesses the qualities 

necessary to represent the quantification of music reported from listening to music.  

2. Analysis of meter and rhythm  

The following is an analysis of the meter and rhythm in the section approximately 1.05-1.35s of the 

Ikorodo music performed by the Ikorodo Cultural Group (Nsukka) sourced from YouTube. The tempo is 

around e.=120 beats per minute and the performance is approximately 3 minutes and 20 seconds in length. 

The beat-class cycle is C12, the pitch-class cycle is the chromatic collection C12, and the meters observed 

are <322> and <232>.  

 

The Ikorodo music in the following analysis is performed by a mixed ensemble of vocalists and 

instrumentalists. A solo male vocalist is accompanied by nine instrumentalists including: four horns, two 

ichakas (shakers), okpokolo (woodblock), ogene (gong) and two drums. The Ikorodo performance is 

characterised by alternating sections between the solo male vocalist and the horns’ polyphonic choruses. 

Repeated rhythmic motifs are performed by ichaka, okpokolo, ogene, and drums with occasional 

improvisation by the chorus vocalists and drums. 

 

The Ikorodo performance begins (1.05s) on timepoint 7 of the C12 cycle with the okpokolo, ichaka, and 

ogene each providing a rhythmic drone. The onsets of the rhythms together form polymeter from three 

different divisions of the C12 cycle. The onsets of the okpokolo rhythm (subset of C12)     

are illustrated as beat-class set theory on the following timeline as timepoints:  , 

also as the bc-t set c=12, d=3 {0, 4, 7}, and represented on the cyclic graph XronoBeat a) of Figure 1. The 

okpokolo rhythm continues to repeat until 1.34s when the rhythm changes as the horns enter. The ichaka 

rhythm begins with an embellished form of the okpokolo rhythm with onsets on {0, 2, 4, 7, 9} and during 

the second full rotation of C12 the rhythm of the ichaka changes to {0, 2, 4, 7, 9, 10} with the onset of {10} 

performed by ichaka 2 at approximately 1.10s. Around 1.11s the onsets for the ichaka rhythm become 

eeseese to include timepoint {5} performed by ichaka 2 in the b-ct set {0, 2, 4, 5, 7, 9, 10}   

illustrated as beat-class theory on a timeline and represented on the cyclic graph b) in 

Figure 1. The ichakas repeat the same rhythm until 1.34s after the horns enter at 1.32s. The ogene rhythm 

EssEEssE        represented as timepoints  and the bc-t set 

c=12, d=4 {2, 3, 8, 9}repeats until 1.32s where there are additional onsets during the entry of the horns see 

Figure 1c). From 1.05s the drummers improvise quietly until adding a flourish at 1.29s as if to usher in the 
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horns at 1.32s. Figure 1 illustrates the onsets for the rhythms of the okpokolo, ichaka and ogene represented 

as integers and polygons on C12 cycles through cyclic graphs: 

 

                  
a)                          b)                            c)                                       

Figure 1 Percussion rhythms a) okpokolo c=12, d=3 (12,3) {0,4,7}; b) ichaka c=12,d=7 (12,7) {0, 2, 4, 5, 7, 

9, 10}; and c) ogene c=12, d=4 (12,4) {2,3,8,9} 

 

At 1.12s the solo vocalist (tenor) sings four notes beginning with a minor 3rd on the approximate pitches: 

D4 F4 G4 D4 represented on the following timeline as the set {0,1,2,3} . At 1.17s 

-1.25s around the range of F4 and A3 the singer’s performance resembles recitative until returning to 

singing during the entry of the horns at 1.32s. At 1.32s a horn provides a drone on G3 while the melodies of 

the three harmonizing horns feature major thirds.  

From listening to the opening of the Ikorodo music both minimal duple meter and minimal triple meter can 

be observed. Minimal duple meter, which can be represented as the ordered set notation <2> can be 

observed where the listener pairs two pulses in a ratio of 2:1, such as the two pulses mapped to the left 

direction on the ski-hill graph in Figure 2a). Minimal triple meter , or <3>, can be observed through pairing 

two pulses in a ratio of 3:1 mapped to the right direction such as represented in Figure 2b):    

 

        

               a)                    b) 
Figure 2 a) minimal duple meter <2>; and b) minimal triple meter <3> 

 

Deep meter occurs when the listener experiences two or more sets of minimal meters. Deep meter <322> 

can be observed from listening to the okpokolo rhythm in Figure 1a). This occurs because the third onset of 

the rhythm is metrically displaced -s, as in a syncopation, and listeners can project and entrain to three 
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evenly spaced onsets, for example, crotchets (Figure 3a) arrows). A listener who pairs the crotchet with a 

longer pulse, such as, the dotted minim forms a minimal triple meter; pairing the crotchet to a faster pulse, 

the quaver, forms a minimal duple meter; and pairing the quaver with a semiquaver forms a minimal duple 

meter. Figure 3a) illustrates the sets of minimal meters that form the deep meter <322> through a linear 

arrangement of vertically stacked pulses. The ski-hill graphs in Figures 3b) and 3c) enable the listener to 

quantify in a compact and efficient summary one of every pulse they hear from the metric hierarchy in both 

traditional notation, fractions, sonifications and polygons to articulate their experience of meter, 

mathematics and music.  

Unlike other representations of meter the two different directions of the duple and triple metric pathways of 

the ski-hill graph and SkiHill app provide important visual and sonified distinctions see Figure 3b) and c): 

 

                   

a)                              b)                           c) 

 
Figure 3 Deep meter <322> okpokolo a) vertical and linear pulse stacks; b) traditional notation mapped to 

the SkiHill app; c) fractions mapped to the SkiHill app 

 
The okpokolo {0, 4, 7} rhythm is a subset of both the ichaka rhythm {0, 2, 4, 5, 7, 9, 10}and C12 because it 

shares both the timepoints of C12 and the onsets and the experience of meter <322> by the listener see 

Figure 4: 

 

 

 

Figure 4 Ichaka {0, 2, 4, 5, 7, 9, 10}and okpokolo {0, 4, 7} rhythms represented on a cyclic graph 
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From listening to the ogene rhythm in Figure 1c) a new pulse, the dotted crotchet q. initiates a simple 

hemiola with the okpokolo’s crotchet q in a ratio of 3:2 to form direct metric dissonance between the deep 

meter <232> and the okpokolo meter <322>. The dotted crotchet occurs because of the quick succession of 

the pairs of semiquaver onsets {2,3} and {8,9} where the listener re-groups the quavers from sets of two’s 

to sets of three’s. The listener pairs the two inclusionally-related pulses e and s in a ratio of 2:1 in the 

imagination when there are no semiquaver onsets due to parallelism and the expectation that they will 

occur again (see Figure 5a)(12,13).The ogene rhythm, which began on timepoint 8, need only rotate T-2 

from {2} to {0} due to rotational equivalence: c=12, d=4 (12,4) {2,3,8,9} to {0,1,6,7}see Figure 5a) and b): 

 

a)           b)     

Figure 5a) Deep meter <232> for the ogene a) vertical and linear pulse stacks; b) T-2 rotation of the ogene 

rhythm 

The ski-hill graphs of Figures 6a) and b) represent the meter <232> in both traditional notation and 

fractions.  

             

       a)                             b)          
Figure 6 Deep meter <232> for the ogene a) traditional notation mapped to the SkiHill app; b) fractions 

mapped to the SkiHill app 

 

The ski-hill graph in Figure 7 represents the simple hemiola initiated by the presence of both a dotted 

crotchet and a crotchet:  
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Figure 7 Simple hemiola: meters <322> and <232> 

The following is a summary of all of the divisions of C12 represented by beat-class theory discussed in the 

analysis: 

 

Figure 8 Beat-class theory representing divisions of C12  

 

The following cyclic graph summarizes the divisions of C12 discussed in the Ikorodo analysis which can 

be observed from experience the meters <322> and <232>: 

 

       
    

Figure 9 Cyclic graph XronoBeat representing the divisions of C12 for the meters <322> and <232> 
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3. Conclusion 

As demonstrated, the visualizations and sonifications of beat-class theory through the ski-hill graph, SkiHill 

app and cyclic graphs such as XronoBeat to represent meter and rhythms, provide the listener with an 

opportunity to see and hear the mathematical underpinnings (sets) of the rhythms and meter they are 

experiencing to explain why a piece of music has a certain ‘feel’. Cohn’s mathematical music theory 

provide the universal language of mathematics through which the listener can articulate their quantified and 

embodied psychoacoustic experience of listening to music. Unlike traditional music theory, visualizations  

and sonifications of mathematical music theory (beat-class theory) has the capacity to examine music 

scientifically in order to reveal structures and details which would otherwise remain undiscovered. The 

value and potential for Cohn’s mathematical music theory (beat-class theory) to preserve important details 

of cultural significance is immense. Introducing the narrative of mathematical music theory and 

visualizations of beat-class theory into music textbooks and pedagogical materials will not only raise the 

profile of music as a subject but it will also improve how the aural tradition of Igbo music is transmitted for 

future generations. 
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ABSTRACT 
Since arrangement of sheet music for orchestral ensemble requires a certain musical knowledge and expertise, 
amateur orchestral musicians often have difficulties when they arrange the sheet. An automatic arrangement 
method was proposed by employing Eigenmusic which is a set of eigenvector for many music excerpts, in 
order to evaluate the similarity among phrases. The difficulty in playing the arranged sheet music, however, 
was not evaluated so whether players feel difficulties on playing was out of discussion. This study proposes 
procedure for evaluating the degree how easy to play the phrases on sheet music. This procedure generates 
phrases for woodwind instruments using a MIDI database of backing phrases. Each musical phrases selected 
from the database are allocated to instrumentalists. Next, the ease of playing each phrases is evaluated based 
on fingering that is important in performance. Finally, phrases evaluated as the easiest are conjoined in each 
instrumentalist. We conducted an experiment to investigate the ease of playing for generated sheet music by 
musician’s rating. Experimental results showed that the procedure for evaluating ease of playing is effective 
so that proposed procedure can generate easier phrases to play than our previous method. 
 
Keywords: Arrangement, backing phrase, ease of playing 

1. INTRODUCTION 
Orchestral performance involves four instrumental families; string, woodwind, brass, and 

percussion. It may contain approximately 50 to 80 instrumentalists. A small number of 
instrumentalists often play together as an ensemble, so they need sheet music appropriate for their 
needs. In order to obtain a sheet music for limited number of instrumentalists, arrangement of a sheet 
music for orchestra is necessary. However, the arrangement requires musical expertise and takes a long 
time to complete. Thus, automatic arrangement is preferred to solve this problem. 

Several studies of automatic arrangement have been reported, some of which are for arrangement 
based on melody extraction or instruments (1) and others are for arrangement of specific sheet music 
of wind orchestra into sheet music for a few musicians (2). However, previous studies didn’t focus on 
the naturalness of the arranged excerpts. Another method for automatic production of the base part of 
popular music from many MIDI excerpts by using principal component analysis (PCA) (3) was 
reported. Abe’s method extracts tracks of the base guitar part from many MIDI excerpts and constructs 
a database of the part’s Eigenmusic which is a set of eigenvector for many music excerpts . The 
database is used to extract the global average of patterns, which is used to generate the natural pattern 
of the base part.  

We proposed a method for automatic arrangement of orchestral performances, employed Abe’s 
method in order to take into account the naturalness of arranged sheet music(4). This method arranges 
backing phrases. In our previous study, naturalness of music is defined as the extent one can listen 
without feeling uncomfortable. We conducted the following steps: i) database construction, ii) 
Eigenmusic calculation, iii) automatic arrangement, and iv) performance evaluation. For i), we 
constructed a database by using the extracted backing patterns from thousands of MIDI excerpts. For 
ii), we calculated the Eigenphrase of backing, which is a part of Eigenmusic, where the Eigenphrase of 
backing shows the average backing feature. For iii), we chopped the tracks of the MID I xcerpts into 
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phrases on which we applied a previously proposed method (5) to obtain the phrases. When labelling 
the phrases as melody, base, or backing, we used the Eigenphrase of backing. The labelled tracks are 
then composed into the arranged sheet music. For iv), we confirmed the naturalness of the arranged 
music through an evaluation experiment. Experimental results showed that the proposed method 
satisfied the naturalness of the music for listeners.  The difficulty in playing the arranged sheet music, 
however, was not evaluated so whether players feel difficulties on playing was out of discussion.  

Therefore, this study proposes procedure for evaluating the degree how easy to play the phrases 
on sheet music. This procedure generates phrases for woodwind instruments using a MIDI database 
of backing phrases.  

2. METHOD FOR ARRANGING BACKING PHRASES 
The proposed method for arranging backing phrases is outlined in Fig.1. This method was proposed 

based on our previous method(4). The procedure for evaluating the ease of playing the phrases on sheet 
music is involved in this study. 

First, the tracks of MIDI excerpt inputted in the system are chopped into phrases on which we 
applied a previously proposed method. Then, the extent of similarity between those phrases and 
Eigenphrase of backing are calculated to label those phrases as melody, base, or backing. Next, each 
musical phrases labelled as backing are selected phrases that instrumentalist can be played in terms of 
pitch and allocated to instrumentalists. The ease of playing each phrases is evaluated based on 
fingering that is important in performance. Those phrases evaluated as the easiest are conjoined in 
each instrumentalist. Finally, the arranged sheet music is obtained by allocating rests and exchanging 
phrase. 

 
Figure 1 – Proposed method for arranging backing phrases 

3. FEATURES OF EASE OF PLAYING 
We investigated features of ease of playing by questionnaire. 35 instrumentalists were asked to 

answer features of phrase that players don’t feel difficulties on playing . 
Figure 2 shows the results of questionnaire. As a result, ease of playing depends on range of pitch, 

disjunct motion, tempo, key and so forth. Moreover, those features are divided into two categories: 
pitch and time. So, we propose procedure for evaluating the ease of playing phrases based on those 
categories. 
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Figure 2 – Result of questionnaire 

4. INVESTIGATION OF RHYTHM PATTERN EASY TO PLAY 

4.1 Method of investigation of Rhythm Pattern 
Specific pitch features of ease of playing were obtained from the questionnaire, whereas specific 

time features weren’t clarified. So, we investigated rhythm pattern of ease of playing by another 
questionnaire. 14 instrumentalists were asked to rate ease of playing on a scale of one to three. 

The stimuli were 20 rhythm sheet music obtained from backing pattern DB. 10 of those stimuli 
were phrases Pi(i:1~10) that occurrence rate is high, the others were phrases Pi(i:11~20) that 
occurrence rate is low. Those phrases were comprised from 2 bars. 

4.2 Result of Investigation of Rhythm Pattern 
Table 1 shows the result of rating. As can be seen in table 1, it was found that rhythm phrases with 

high occurrence rate are evaluated as easy to play. Figure 3 shows an examples of rhythm sheet music. 
We investigated the relation between ease to playing and features of those rhythm.  As a result, it was 
found that variation in type of note and number of 16th-rest in a phrase affect ease of playing. Figure 
4 shows the relation between ease to playing and number of 16th-rest in each phrase. As can be seen in 
Fig. 4, it was found that phrases evaluated as easy to play don’t have 16th -rest. There was a strong 
negative correlation with a number of 16th-rest and ease of playing (r = - .83 (n=20)). 

Table 1 – Result of investigation of the rhythm pattern 

Ease of playing Phrase ID 

Easy P1, P2, P3, P4, P5, P6, P7, P8, P9, P10, P13, P14, P15, P17, P18 

Neither P19 

Difficult P11, P12, P16, P20, 
 

 
(a) Easy to play 

 

 
(b) Difficult to play 

Figure 3 – Example of rhythm sheet music 

5. PROCEDURE FOR EVALUATING EASE OF PLAYING 
As described in chapter 3, pitch features of ease of playing were obtained from the questionnaire. 

Moreover, time features of ease of playing were obtained from the investigation as described in 
chapter 4. In this study, selected backing phrases are evaluated ease of playing depend on those 
feature. 
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Figure 4 – Result of investigation of the relation 

 
First, over an octave disjunct motion was extracted from each phrase as pitch feature. Specifically, 

pitch difference pd between two notes in each phrase is calculated as follows. 
pd = Hi – Hi-1 (1) 

Here, Hi represents pitch of ith note in each phrase. If the difference pd is not more than an octave, 
the phrase is evaluated as easy to play. 

Next, similarity between rhythm of those phrases and the rhythm evaluated as easy to play in 
chapter 4 is calculated. If the similarity score of a phrase is high, the phrase is evaluated as easy to play 
and selected as a candidate for phrase in arranged sheet music. If the phrase is evaluated as difficult to 
play, the phrase is exchanged for other phrases back to selection of phrases to be played.  Figure 5 
shows an example of the arranged sheet music generated using the proposed procedure. 

6. EVALUTION EXPERIMENT 

6.1 Method 
We conducted an experiment to investigated the effectiveness of automatically arranged sheet 

music generated using the proposed procedure in terms of instrumentalist impression. We selected 4 
sheet music from 5650 MIDI excerpts and arranged those music comprising from 15 to 24 bars by 
using the following methods.  

 Method B: Arrangement from the previous method (4) 
 Method P: Arrangement from the method using evaluating ease of playing based on pitch 
 Method V: Arrangement from the method using evaluating ease of playing based on time value 
 Method A: Arrangement from the proposed method in this study 

Six players who are playing woodwind instruments participated in our experiment. The players 
were asked to play those original and arranged sheet music in random order and then rate their 
impression in terms of naturalness and easiness. 

6.2 Results 
Figure 6 (a) shows the average and 95% Confidence Interval (CI) of easiness scores, and Figure 6 

(b) shows the average and 95% CI of naturalness scores. Figure 6 (a) shows that Method A was rated 
the highest in all method for easiness. Moreover, it’s found that Method P, V and A were rated higher 
than Method B (p < .05). Figure 6 (b) shows that Method B was rated the lowest in all method for 
naturalness. In addition, there was no significant difference (p<.05) found among all Methods. 
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(a) Original sheet music 

 

 
(b) Arranged sheet music for 3 instrumentalists 

Figure 5 – Example of arrangement generated using proposed procedure. 
 

       
           (a) Average easiness scores                      (b) Average naturalness scores 

Figure 6 – Results of evaluation experiment 
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7. DISCUSSION 
From the results of easiness scores, Method P, V, and A generated sheet music to play more easily 

than Method B. So, the analysis of variance (ANOVA) was conducted for the result.  This ANOVA 
revealed an effect of type of Method (p < .001). To further examining the effect, post hoc analysis 
were made using either Tukey’s multiple comparisons test. Tukey’s post hoc analysis showed that 
average score of Method A is higher than that of Method B (p < .001). Moreover, it’s shoed that 
average score of Method P and V are higher than that of Method B (p < .05). Therefore, the proposed 
method is effective for generating sheet music that is easier to play than the method  proposed in our 
previous study. 

From the results of naturalness scores, Method P, V, and A generated more natural sheet music 
than Method B. However, there were no significant difference between each methods. So, we need to 
investigate feature that affect naturalness of music. 

8. CONCLUSIONS 
We proposed a procedure for arranging backing phrases for ensemble music by evaluating ease of 

playing on instrumentalists. In subjective evaluation experiment of arranged sheet music, we asked 
instrumentalists to evaluate arrangement excerpts with our previous method and the proposed method 
in terms of naturalness and easiness. Experimental results showed that the procedure for evaluating 
ease of playing is effective so that proposed procedure can generate easier phrases to play than our 
previous method. Moreover, the proposed method maintained naturalness better than our previous 
method. However, no significant difference among those methods was confirmed.  

For future work, we will discuss aspects that affect naturalness of music. Moreover, we plan to 
propose a new arrangement method that can evaluate the ease of playing other instruments, for 
example string or brass instrument. 
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Abstract
In the recent work (Acoust. Sci. & Tech. vol.40, No.1 pp.29-39 (2019)), we found with the numerical study
of a 2D flue organ pipe model that the foot works as a Helmholtz resonator. When the frequency of acoustic
oscillation in the pipe is higher than the resonance frequency of the Helmholtz resonator by almost the full-width
at half-maximum, the most stable oscillation is observed, and the oscillation in the foot is anti-synchronized
with that in the pipe. However, if the Helmholtz resonance frequency is nearly equal to the acoustic oscillation
frequency, the oscillations in the pipe and foot become rather unstable and the oscillation in the foot lags behind
that in the pipe by nearly π/2. In this paper, we study the phase relations among the pressure oscillation in
the foot, that in the pipe, and the hydrodynamic oscillation of the jet, which are the key to understanding the
mechanism of stabilizing and destabilizing oscillations of the flue organ pipe.
Keywords: Flue Organ Pipe, Foot, Anti-phase synchronization

1 INTRODUCTION
The sounding mechanism of flue organ pipes has been studied by many authors in the field of musical acoustics[1,
2, 3, 4, 5, 6, 7, 8]. The major difficulty in studying flue organ pipes from the view of Physics comes from
the fact that the sound source of flue organ pipes, the edge tone, is aerodynamic sound that is caused by the
unsteady motion of a fluid flow with non-zero vorticities[1, 9, 10]. For studying flue organ pipes experimentally
and numerically, one has to pay special attention to the interaction between the acoustic oscillation in the pipe
and hydrodynamic oscillation of the jet. The numerical method with compressible fluid solvers, which allows
us to simultaneously calculate the jet motion and acoustic oscillation in the pipe, has been recently developed
by several authors[11, 12, 13, 14].
In a recent study[15], we found with the numerical study of a 2D flue organ pipe that the foot works as a
Helmholtz resonator and plays an important role in stabilizing the acoustic oscillation in the pipe. Namely,
when the frequency of acoustic oscillation in the pipe is higher than the resonance frequency of the Helmholtz
resonator by almost its full-width at half-maximum, the most stable oscillation is observed, and the oscillation
in the foot is anti-synchronized with that in the pipe. However, if the Helmholtz resonance frequency is nearly
equal to the acoustic oscillation frequency, the oscillations in the pipe and foot become rather unstable and the
oscillation in the foot lags behind that in the pipe by nearly π/2.
In this paper, we give a short review of this study. Furthermore, to clarify the mechanism of stabilizing and
destabilizing oscillations, we consider the interactions among the acoustic and hydrodynamic oscillations. Actu-
ally, we study the phase relations among the pressure oscillation in the foot, that in the pipe, and the hydrody-
namic oscillation of the jet. The volume flow supplied through the flue to the pipe periodically changes owing
to the pressure oscillation in the foot. In order to sustain and stabilize the oscillation in the pipe, the volume
flow supplied to the pipe becomes the maximum at a certain time in the period of oscillation, otherwise the
oscillation is destabilized, and the foot with an appropriate volume of the body, namely an adjusted Helmholtz
resonator, assists this process.
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2 MODEL AND NUMERICAL METHOD
We use the same model studied by the recent work[15] (see Fig.1 (a)), which is a 2D analog of the flue organ
pipe studied by Ségoufin et al.[8]. The model consists of an inlet with a length of 50mm and a height of 3mm,
a foot, a flue with a length of 3mm and a height of 1mm and a pipe with a length of 141.5mm and a height
of 20mm. The volume labeled ’Out side’ indicates the outside space with the external atmosphere. Our model
has a closed pipe while the instrument studied by Ségoufin et al.[8] has an open pipe with a length of 283mm.
Thus, they have almost the same fundamental pitch around 500Hz, when they are driven by a jet. The foot
consists of the left rectangular part and the right channel part connecting with the flue, where the lower channel
block below the channel is a quarter circle. The length of the rectangular part is 60mm for the model in Fig.1.
Figure 2 shows the dimensions of the mouth opening, flue and channel block. The flue has chamfers at the
right end, which stabilize the jet motion and acoustic oscillation[8, 15].
Let us call the 2D model shown in Fig.1 the Reference model. To investigate the role of the foot, considering
how the geometry and volume of the foot influence the jet motion and acoustic oscillation, we treat three other
models. Models called the Short and Long models have the rectangular parts of the foot with a length of 30mm
and 120mm, respectively. We also investigate a model without the foot and inlet called the Non-foot model.
For the numerical calculation, we adopt a compressible LES (Large Eddy Simulation) with the one-equation
sub-grid-scale (SGS) model [11, 16]. In practice, we use a compressible LES solver ’rhoPisoFoam’ in the open
source software, OpenFOAM ver.2.2.2[15]. The pressure and temperature at the rest are taken as p0 = 105Pa
and T0 = 300K, respectively. The smallest mesh size around the mouth opening is ∆x = 0.1mm and the time
step of the numerical integration is ∆t = 5.0× 10−8s. For the Reference model, the number of mesh cells is
120165. The mean jet velocity at the flue exit is taken as V = 6m/s in the steady state, at which a stable
oscillation is observed for the Reference model. Since the height of the inlet is 3 mm, which is three times as
large as that of the flue, the flow velocity at the left end of the inlet should be set as one-third of the desired
jet velocity, namely 2m/s. In practice, the flow velocity at the inlet is gradually increased to reach the desired
value at t = 2ms. Note that for the Non-foot model, the air flow is directly injected from the left end of the
flue. The inlet boundary condition is taken for the left end of the inlet except for the Non-foot model, for
which the left end of the flue is an inlet. The outlet boundary condition is taken for the right, left and top
walls of the volume labeled ’Out side’ in Fig.1 (a). The pressure oscillations are observed at the center of the
right end of the pipe and at the upper-left point of the rectangular part of the foot. The jet velocity is observed
at the center of the flue exit.

(a) (b)

Out side

PipeFoot
Inlet

Flue

Figure 1. Snapshots of spatial distributions of pressure and velocity for the Reference Model. (a) Pressure
distribution. (b) Velocity distribution.
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Figure 2. Dimensions of the edge, flue with chamfers and foot channel: hp = 20mm, l = 4mm, he = 1.2mm,
θ = 20◦, wc f = 0.71mm, h f = 1mm, l f = 3mm, hcb = 20.8mm, R = 19.8mm.

3 NUMERICAL RESULT
3.1 Pressure oscillations in the pipe and foot
Figure 1 (a) and (b) show pressure and velocity distributions in the steady state for the Reference model. In the
steady state, pressure oscillations are well sustained in both pipe and foot, but they seem to be in anti-phase
synchronization. Indeed, at the moment shown in Fig. 1 (a), the pressure takes the minimum and maximum
values in the pipe and foot, respectively, while in another half period, the opposite distributions are observed
in the pipe and foot. As shown in Fig. 1 (b), the oscillating jet collides with the edge emitting the edge tone,
which drives the resonance pipe.
Figure 3 (a) shows the time evolution of the pressure oscillation in the pipe for the Reference model compared
with that for the Non-foot model. The pressure oscillation for the Reference model is more stable and larger in
amplitude than that for the Non-foot model. This means that the interaction between the pipe and foot assists
the acoustic oscillation in the pipe to be stabilized with large amplitude. Figure 3 (b) shows the time evolution
of the pressure oscillation in the pipe compared with that in the foot for the Reference model. In the steady
state, the pressure oscillations in the pipe and foot have the same frequency at fa = 482Hz, but they are in
anti-phase synchronization.
As shown in Fig.4 (a), for the Short model, the pressure oscillation in the pipe at fa = 481Hz is more unstable
and smaller in amplitude than that for the Reference model. On the other hand, the pressure oscillation in the
foot is in the same order as that for the Reference model but is more unstable. The pressure oscillations in the
pipe and foot seem to strongly correlate to each other and, most of the time, the pressure oscillation in the foot
lags behind that in the pipe by nearly π/2.
As shown in Fig.4 (b), for the Long model, the pressure oscillation in the pipe at fa = 479Hz is slightly unstable
and is slightly smaller in amplitude than that for the Reference model. However, the pressure oscillation in the
foot is much smaller in amplitude than that for the Reference model and irregularly fluctuates in first stage of
the time evolution, though the oscillations in the pipe and foot seem to fall into anti-phase synchronization in
the steady state.
Figure 5 shows the horizontal velocity at the center of the flue exit vx for the Reference, Short and Long
models. The behavior of vx shows the same tendency as the pressure oscillation in the pipe for all the models.
That is, for the Reference model, vx is the most stable and the largest in amplitude among the three models.
On the other hand, for the Short model, vx is the most unstable and the smallest in amplitude among the
three models. For the Long model, vx is slightly unstable and slightly smaller in amplitude than that for the
Reference model. The phase relation between vx and the pressure oscillation in the pipe will be discussed in
the next subsection.
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Figure 3. Pressure oscillations for the Reference model. (a) Pressure oscillation in the pipe compared with that
for the Non-foot model. (b) Pressure oscillations in the pipe and foot.

3.2 The role of the foot and relative phases among the acoustic and hydrodynamic oscillations
In the recent study[15], we found that the function of the foot depends on its volume and it acts as a Helmholtz
resonator. To consider the properties of the foot as a Helmholtz resonator, we use the foot model without
the pipe, which is formed by the flue and foot connected to the inlet (see Fig.6 (a)). The frequency of the
Helmholtz resonator fH is normally given by

fH =
c

2π

!
S

VHL
, (1)

where c is the speed of sound in air, S is the cross section of the neck, L is the length of the neck and VH
is the volume of air in the resonator’s body. For the 2D model, S and VH are the height of the neck and the
2D area of the foot, respectively[15]. However, to obtain the resonance frequency of the foot, we hardly use
Eq.(1), because there is no method to determine the boundary between the resonator’s body and neck for a
complex-shaped resonator like the foot. Here, we use the compressible LES to obtain the resonance frequency
of the foot separated from the pipe. To obtain the frequency response of the foot, the flow velocity at the inlet
is periodically changed as Uin =U0 sinωt, where U0 = 1m/s.
Figure 6 (a) shows a snapshot of the pressure for the Reference model without the pipe at f = 380Hz, at which
the amplitude of the pressure oscillation takes the maximum value. Figure 6 (b) shows the frequency response
of the amplitude of the pressure oscillation in the foot. A resonance peak is observed at f = 380Hz. However,
the frequency of the acoustic oscillation at fa = 482Hz is higher than the Helmholtz resonance frequency at
fH = 380Hz by nearly the value of the full-width at half maximum (FWHM).
Table 1 shows the Helmholtz frequency fH compared with the acoustic frequency fa for the Reference, Short
and Long models. When fa − fH ≥ FWHM, anti-phase synchronization occurs. If fa ≈ fH , the pressure oscilla-
tion in the foot lags behind that in the pipe by nearly π/2. From this fact, we can presume that the acoustic
oscillation in the pipe drives the pressure oscillation in the foot[15]. Actually, the theory of forced harmonic
oscillators (TFHO) well explains the change of phase difference between the pressure oscillations in the pipe
and foot with change of fH .
Table 2 shows relative phases among the oscillations of pipe, foot and horizontal jet velocity at the flue exit vx,
where, for example, values in the column labeled ’pipe - foot’ indicate how much the oscillation in the pipe
lead that in the foot in phase. Roughly speaking, the relative phase of the oscillation in the pipe from that in
the foot take values at θr ≈ π for the Reference and Long models and at θr ≈ π/2 for the Short model. But,
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Figure 4. Pressure oscillations in the pipe and foot. (a) Short model. (b) Long model.
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Figure 5. Horizontal velocity at the center of the flue exit vx.

more precisely, it increases with fa − fH and is close to π for the Long model. For the Short mode, it is less
than π/2, since fa is slightly less than fH by 14Hz. Such a change of the relative phase can be explained with
TFHO. TFHO also explains the decrease in amplitude of the oscillation in the foot with increasing fa − fH ,
when fa− fH ≥ FWHM. However, TFHO cannot explain the destabilization of oscillations in the pipe and foot,
when fa ≈ fH . The strong interactions among the oscillation in the foot, the jet motion and the oscillation in
the pipe should destabilize themselves.
To consider the interactions among the acoustic and hydrodynamic oscillations, we check relative phases among
them as shown in Table 2. As shown in the columns labeled ’foot - jet velocity vy’ and ’jet velocity vx -
pipe’, the oscillation of vx lags behind the oscillation in the foot and leads that in the pipe for all models.
The relative phase of the pressure oscillation in the foot from the oscillation of the jet velocity vx decreases
with increasing fa − fH . On the other hand, the relative phase of the oscillation of the jet velocity vx from the
pressure oscillation in the pipe is almost fixed in a small range (1.4 < θr < 1.5) for the Reference and Long
models, for which stable oscillations are observed, while it takes a much different value as θr = 2.301 ≈ 3π/4
for the Short model, for which the oscillation is destabilized.
The change of vx indicates the change of the supply of the volume flow to the pipe. Therefore, to sustain
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and stabilize the oscillation in the pipe, the volume flow supplied through the flue to the pipe becomes the
maximum at a certain time in the period of oscillation, otherwise the oscillation is destabilized, and the foot
with an appropriate volume of the body, namely an adjusted Helmholtz resonator, assists this process.
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Figure 6. Helmholtz resonator (foot) of the Reference model. (a) Snapshot of the pressure distribution at
f = 380Hz. (b) Frequency response of the Helmholtz resonator of the Reference model.

Table 1. Helmholtz frequency fH compared with the frequency of the acoustic oscillation fa for the representa-
tive models.

Reference Short Long
fH [Hz] 380±5 495±5 265±5
fa[Hz] 482 481 479

fa − fH FWHM -14 [Hz] 2FWHM

Table 2. Relative phases among the pressure oscillation in the pipe, that in the foot and the oscillation of
horizontal jet velocity at the flue exit vx.

Model pipe - foot foot - pipe foot - jet velocity vx jet velocity vx - pipe
Reference 2.857 ! π 3.426 " π 1.955 " π/2 1.471 ≈ π/2

Short 1.215 ! π/2 5.068 " 3π/2 2.767 " 3π/4 2.301 ≈ 3π/4
Long 3.229 ≈ π 3.054 ≈ π 1.629 ≈ π/2 1.425 ≈ π/2

4 CONCLUSIONS
In this paper, we studied the problem of how the geometry of the foot influences the acoustic oscillation in the
pipe by using numerical simulations of the 2D flue organ pipe model with three different shaped foots. As a
result, it was found that the function of the foot depends on its volume and it acts as a Helmholtz resonator.
We gave a conjecture that the acoustic oscillation in the pipe drives the oscillation in the Helmholtz resonator.
The theory of forced harmonic oscillators (TFHO) well explains the change of phase difference between the
pressure oscillations in the pipe and foot with change of the Helmholtz frequency fH .
For the Reference model, where the frequency of the oscillation in the pipe fa is higher than that of the
Helmholtz resonator fH by almost the resonator’s FWHM, the most stable oscillation is observed among the
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three models and anti-phase synchronization between the oscillations in the pipe and foot occurs. For the
Long model with fa − fH ≈ 2FWHM, anti-phase synchronization still occurs and the oscillation in the pipe is
stable, but the oscillation in the foot is very small in amplitude accompanied with small irregular fluctuations.
The results for the Reference and Long models are almost explained with TFHO. For the Short model with
fa ≈ fH , the oscillation in the pipe leads that in the foot in phase by nearly π/2, which can be explained with
TFHO. However, both oscillations in the pipe and foot are destabilized by interactions among the acoustic and
hydrodynamic oscillations, which can not be explained with TFHO.
To consider the interactions among the acoustic and hydrodynamic oscillations, we checked relative phases
among them. As a result, the relative phase of the jet velocity vx from the pressure oscillation in the pipe is
almost fixed in a small range (1.4 < θr < 1.5) for the Reference and Long models, for which stable oscillations
are observed, while it takes a much different value as θr = 2.301 ≈ 3π/4 for the Short model, for which
the oscillation is destabilized. This fact means that to sustain and stabilize the oscillation in the pipe, the
volume flow supplied through the flue to the pipe should take the maximum at a certain time in the period
of oscillation, otherwise the oscillation is destabilized, and the foot with an appropriate volume of the body,
namely an adjusted Helmholtz resonator, assists this process. To unravel the detailed mechanism of stabilizing
and destabilizing oscillations, we need more precise knowledge of the jet motion disturbed by the oscillations
in the foot and the pipe[1, 17]. This task is left for future work. It should also be checked by simulations of
3D models and experiments.
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Abstract
A jet attacking a edge oscillates spontaneously, and generates aerodynamic sound called edge tone. The edge
tone is the sound source of air-jet instruments like a recorder and flute. The jet oscillation has several modes.
While one of the modes is selected, the frequency increases linearly with the jet velocity. When the jet velocity
exceeds a threshold, the mode transition arises, and it is hysteretic. The mode transition induces sudden changes
of the frequency and the sound energy. Therefore, the reproducibility of the mode transition with a numerical
calculation is crucial for understanding the mechanism of edge tone. In this study, the 2D model of edge tone is
investigated with compressible DNS and LES. The DNS adopted in our study is an exact method without any
artificial viscosity terms. The mode transition can be accurately reproduced with DNS. On the other hand, in
some cases of calculations with LES, the mode transition cannot be reproduced even though the calculation is
not broken down. We discuss the details of this problem.
Keywords: Aerodynamic Sound, Edge tone, DNS, LES

1 INTRODUCTION
Edge tone is generated from oscillating jet colliding with an edge and is one of the aerodynamic sounds ob-
served in a low Mach number region. The study of the sounding mechanism of edge tone is a long standing
problem in the field of aeroacoustics as well as musical acoustics[1, 2]. That is, it is the sound source of air-jet
instruments and the study of edge tone leads us to understand the sound mechanism of air-jet instruments.
In the long history of study of the edge tone, some phenomenological formulas which describe the relation
between the edge tone frequency and the jet velocity have been proposed [1, 3, 4, 5, 6]. A very useful formula
introduced by Brown [3] based on experimental results shows that the frequency of the edge tone increases in
proportion to the jet velocity until a mode transition arises. At the mode transition, the hydrodynamic wave
of the jet jump to a higher mode and the change of the tone is observed. However, the transition mechanism
between the hydrodynamics modes is not theoretically elucidated yet.
As an alternative approach, we can rely on numerical methods of the compressible fluid to reproduce hydrody-
namic and acoustic motions simultaneously. In this paper, we treat two numerical methods, compressible Direct
Numerical Simulation (DNS) and compressible Large Eddy Simulation (LES). Our compressible DNS dose not
include any artificial viscosity terms and is considered as the most reliable scheme. First, we investigate how
accurately the hydrodynamic mode transition of edge tone is reproduced with DNS. We treat a 2D model of
edge tone, because DNS requires a huge computer power, and find that it well reproduces the hydrodynamic
mode transition. Next, we treat LES as a practical scheme for the calculations of 2D and 3D models and
investigate the reliability of LES with changing grid interval taking DNS as a reference.

2 HYSTERETIC MODE TRANDITION OF EDGE TONE
As shown in Fig.1, a jet injected from a flue collides with an edge and causes vortices. The reaction of vortices
influences the jet to oscillate in the vertical direction. The aerodynamic sound, known as edge tone, is created
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Figure 1. Edge tone : In the 2D model, the parameters are taken as l = 5mm, wedge = 1.2mm, wnozzle = 1.2,
winlet = 1mm.

Figure 2. Hysteretic mode tranditon of edge tone.

by the oscillating jet together with the vortices [1].
The relation between the oscillation frequency of the edge tone and the jet velocity is given by Brown’s equation
[3],

f = 0.466 j(100U −40)(1/(100l)−0.07), (1)

where f [Hz], U[m/s] and l[m] are the oscillation frequency, jet velocity and distance between the flue exit and
the edge, respectively. The parameter j changes with the oscillation mode of the jet and has values j = 1.0,
2.3, 3.8 and 5.4. The value j = 1 corresponds to the first hydrodynamic mode and other values correspond
to higher hydrodynamic modes. The frequency of the first mode increases linearly with increasing U . But an
oscillation jumps to one of the higher modes if U exceeds its threshold value. As shown in Fig.2, the transition
is hysteretic, namely the downward transition occures a different thresholds value, which is less than that of the
upward transition. Let us call the region between these threshold values the hysteretic transition region from
U=12m/s to 17.5m/s.

3 NUMERICAL MODEL AND METHOD
Figure.1 shows a 2D model of the edge tone studied in this paper, where l = 5mm. According to Brown’s
experiment[3], at l = 5mm the transition region is located from U=12m/s to 17.5m/s. The velocity distribution
at the inlet is given by the Hagen-Poiseuille flow and U denotes the mean velocity at the inlet.
In this paper, we use two numerical methods, DNS and LES, for calculating the edge tone. The compressible
DNS we use in this paper is the most reliable scheme without any artificial viscosity terms[7].
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(a) (b)

Figure 3. Mesh of DNS and LES : (a) DNS mesh at U=3.3m/s. The lines are drown every 10 grid intervals.
(b) LES mesh with xmin = 0.1mm.

The volume penalization (VP) method, which is one of the immersed boundary methods, has been applied
mostly to incompressible flows. In the VP method we solve the Navier-Stokes equations supplemented by
penalization terms instead of imposing no-slip boundary conditions at the surface of rigid bodies in the flow.
Actually, the sixth-order-accurate compact scheme is used except that the fourth-order central scheme is used for
the penalization terms; for time evolution the second-order implicit method is used for the penalization terms,
while the second-order Adams-Bashforth method is used for the other terms. Figure.3 (a) shows a mesh of
DNS at U = 3.3m/s with time step ∆t = 1.8×10−9s. To reproduce the whole behavior of the compressible fluid
including acoustic waves, the minimum grid scale ∆xmin should be set in a viscous subrange of energy cascade:
∆xmin = 6.4µm. The minimum grid scale ∆xmin decreases with increasing U. For example, ∆xmin = 2.5µm at
U = 20m/s with time step ∆t = 1.2×10−9s.
Although, our compressible DNS is a very accurate scheme, it requires huge computer resources even for 2D
calculations. A compressible LES is often used as a realistic method for the calculations of 2D and 3D models
of musical instruments[8, 9]. In this paper, we investigate the reliability of compressible LES taking DNS as
a reference. We use a compressible LES solver in the open source software, OpenFOAM ver.5.0. Specifically,
we use scheme called “rhoPimpleFoam” with the one-equation sub-grid-scale(SGS) model, which is suitable
for fluid at subsonic speeds. We study two mesh models : the coarse grained mesh with ∆xmin = 0.1mm,
∆t = 1.0× 10−7 and the fine grained mesh with ∆xmin = 0.05mm, ∆t = 5.0× 10−8. Figure.3 (b) showed the
coarse grained mesh.

4 NUMERICAL RESULTS
4.1 DNS Results
By using DNS, we simulated the edge tone at some representative values of U in a range (3.3,20.0) in units of
millimeter. Figure.4 (a) and (b) show velocity distribution and pressure distribution at U = 4.7m/s, respectively.
Figure.5 (a) and (b) show those at U = 18.3m/s. In Fig.4 (a), the hydrodynamic oscillation of the fundamental
mode is observed, while in Fig.5 (a), that of the second mode is observed. As shown in Fig.4 (b), the upper
and lower distributions in pressure seem to oscillate in anti-phase to each other. Namely, anti-phase acoustic
waves are radiated to the upper and lower sides. This means that the oscillating jet behaves like a dipole source.
As shown in Fig.5 (b), the dipole radiation is also observed in the second mode.
Fig.6 shows the change of the sound frequency with the jet velocity U compared with Brown’s equation (1).
Below the hysteretic transition region the sound frequencies follow the first mode of Brown’s equation, while
above the transition region they follow the second mode. In the transition region, the oscillations fall into either
the first mode or the second mode, and which mode to be selected sensitively depends on a tiny initial noise,
which is added to break the upper and lower symmetry of the flow and to induce the jet oscillation.
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(a) (b)

Figure 4. Result of DNS at U=4.7m/s. The unit of the horizontal and vertical axes is mm. (a) Velocity
distribution. (b) Pressure distribution.

(a) (b)

Figure 5. Result of DNS at U=18.3m/s. (a) Velocity distribution. (b) Pressure distribution.

Figure 6. Results of DNS : frequency vs jet velocity. Blue and green lines are first and second modes obtained
by Brown’s equation (1), respectively. The vertical dotted lines indicate the lower and upper limits of the
hystetetic transition region.
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4.2 LES Results
Calculations with LES are done for the coarse and finer grained meshes. The results for the coarse grained mesh
are shown in Figs.7 and 8 and those for the finer grained mesh are shown in Figs.9 and 10. Figure.7 (a) and
(b) show velocity and pressure distributions for the coarse grained mesh at U = 5.3m/s, respectively. Figure.9
(a) and (b) show those for the finer grained mesh at U = 5.3m/s, respectively. For both meshes, hydrodynamic
oscillations of the first mode are observed and are very similar to each other. Figure.8 (a) and (b) show
velocity and pressure distributions for the coarse grained mesh at U = 16.7m/s, respectively. Figure.10 (a) and
(b) show those for the finer grained mesh at U = 16.7m/s, respectively. As shown in Fig.8, a hydrodynamic
oscillation of the first mode is observed for the coarse grained mesh, however as shown in Fig.10 a second
mode oscillation is observed for the finer grained mesh. This fact indicates that the coarse grained mesh is
insufficient to reproduce the hysteretic mode transition. Note that from the pressure distributions for both coarse
and finer grained meshes, an acoustic wave in the upper side and that in the lower side oscillate in anti-phase,
which means that the oscillating jet behaves like a dipole source in every case.
Figure.11 shows the change of the sound frequency with the jet velocity U compared with Brown’s equation
(1). Below the hysteretic transition region, the calculations for the coarse grained mesh reproduce oscillations
of the first mode, however in and above the hysteretic transition region, those for the coarse grained mesh
cannot reproduce the appearance of second mode oscillations, which are observed for the calculation with DNS
in Fig.6. On the other hands, the finer grained mesh seems to reproduce a second mode oscillation, though its
frequency takes a value away from the second mode of Brown’s equation (1) and from the results of DNS to a
certain extent.

(a) (b)

Figure 7. Result of LES at U=5.3m/s, ∆xmin = 0.1mm. (a) Velocity distribution. (b) Pressure distribution.

(a) (b)

Figure 8. Results of LES at U=16.7m/s and ∆xmin = 0.1mm. (a) Velocity distribution. (b) Pressure distribution.
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(a) (b)

Figure 9. Result of LES at U=5.3m/s, ∆xmin = 0.05mm. (a) Velocity distribution. (b) Pressure distribution.

(a) (b)

Figure 10. Result of LES at U=16.7m/s, ∆xmin = 0.05mm. (a) Velocity distribution. (b) Pressure distribution.

Figure 11. The frequencies obtained with LES for the coarse and finer grained meshes together with the first
and second modes of Brown’s equation.
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5 CONCLUTIONS
We confirmed the reliability of the compressible DNS for the calculation of the edge tone. As a result, the
hysteretic transition of the edge tone is well reproduced with DNS. Next, we investigated the reliability of
the compressible LES taking the compressible DNS as a reference. Below the hysteretic transition region, the
calculations with LES taking the coarse grained mesh reproduce oscillations of the first mode, however in and
above the hysteretic transition region, those for the coarse grained mesh fail to reproduce the second mode
oscillations, though the calculation is not broken down. On the other hands, the calculation with the finer
grained mesh seems to reproduce a second mode oscillation, though its frequency takes a value away from the
second mode of Brown’s equation and from the results of DNS to a certain extent. Therefore, special attention
needs to be paid to reproducing the edge tone by using LES. Indeed, it is not break down even though it fails
to reproduce the transition when one takes a coarse grained mesh. On the other hand, thank to its accuracy,
the compressible DNS should assist one to theoretically investigate the mode transition mechanism of the edge
tone.
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Abstract
Materials with time- and space-dependent effective properties are of significant interest as a means to introduce
non-reciprocal wave propagation in engineered material systems. Materials displaying this unique behavior have
significant potential as direction- dependent devices for mechanical wave sensing and transmitting capabilities.
They also open up the possibility for the construction of novel materials or structures that isolate unwanted
vibration. Recent analytical models of spring-mass chains have shown that external application of a nonlinear
mechanical deformation, when applied on time scales that are slow compared to the characteristic times of
propagating linear elastic waves, may induce non-reciprocity via changes in the apparent elastic modulus for
perturbations around that deformation [Wallen et al., Phys.Rev. E., 99, 013001, (2019)]. This work investigates
direct numerical simulation of discrete lattices and a finite element approach for continuous elastic systems
to simulate elastic wave propagation in mechanically-modulated metamaterials. Analysis of the degree of non-
reciprocity when varying sub-wavelength geometry or geometric modulations will be shown. Of specific interest
is the use of FEM to investigate non- reciprocity in elastic lattices consisting of unit cells with varied geometric
asymmetry and more general forms of mechanical modulation.
Keywords: Elastic waves, Metamaterials, Non-reciprocity

1 INTRODUCTION
Acoustic systems that break reciprocity have recently received great attention due to their potential to increase
control over wave propagation and to create devices that make use of acoustic or elastic waves. Tools for
the modeling, design, and analysis of media that generates non-reciprocal wave propagation have strong po-
tential for far-reaching impacts on engineering applications, including more efficient acoustic communication
and imaging devices, analogue signal processing, and vibration isolation. One means to break reciprocity is
through spatiotemporal modulation of material properties [1]. Recent analytical models of spring-mass chains
have shown that external application of a nonlinear mechanical deformation, when applied on time scales that
are slow compared to the characteristic times of propagating linear elastic waves, may induce non-reciprocity
via changes in the linearized local elastic modulus for perturbations around that deformation [2].
In a recent work, we investigated a continuous tunable mechanical metamaterial structure as a platform to
achieve non-reciprocity [3]. A computational approach based on the finite element method was derived and
implemented due to the complex unit cell geometry used to obtain large effective dynamic property modulations.
In this work, we revisit the derivation of our computational approach by characterizing wave propagation in a
medium with space-only and time-only modulation of the material modulus, and determining how these concepts
generalize to the case of spatiotemporal modulation of the material modulus. Our analysis is implemented in a
one-dimensional setting to compare with known exact solutions. Longitduinal wave propagation in a bar is used
as an example case for each study.
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2 WAVE PROPAGATION IN A MODULATED MEDIUM
The partial differential equation that describes wave propagation in a modulated medium is the one-dimensional
wave equation of the form

∂

∂x

(
a(x, t)

∂u
∂x

)
−b

∂ 2u
∂ t2 = 0, −∞ < x < ∞, t ≥ 0, (1)

with coefficient a(x, t) > 0 that is a non-constant function of time and space, and coefficient b > 0 that is as-
sumed to be constant. Equation (1) can be used to represent various well-studied physical systems, such as
longitudinal wave propagation in a bar. The dependent variable u(x, t) is then the longitudinal particle dis-
placement of the bar, a(x, t) = E(x, t) is the Young’s modulus, and b = ρ0 is the mass per unit volume of the
bar.
It is assumed that there is a reference modulation length, λm, in which a(x, t) is periodic in space for all time,

a(x+λm, t) = a(x, t), (2)

and a reference time Tm with angular frequency ωm = 2π/Tm in which a(x, t) is periodic in time for all locations
in space, i.e.

a(x, t +Tm) = a(x, t). (3)

Therefore, Bloch-Floquet wave theory can be utilized to derive differential equations, which can be solved for
the allowable traveling-wave modes and their respective dispersion behavior, or frequency-wavenumber spectrum
[4]. Solution procedures for Eq. (1) with space-only, time-only, and space-time modulation of a(x, t) are now
derived that are computationally feasible and yield accurate calculations of the Bloch wave modes and dispersion
relations.

2.1 Space-dependent modulus
Consider a modulus that is a function of space only, a(x, t)→ a(x). This case physically represents a periodic
heterogeneous medium, which is a common acoustic metamaterial structure and is frequently referred to as a
phononic crystal [5, 6]. The traveling wave solution has the following form

u(x, t) =Cû(x)ei(kx−ωt), (4)

where C is the amplitude constant, û(x) is the Bloch wave mode that is a periodic function on the unit cell
domain of the phononic crystal, k is the Bloch wavenumber, and ω is the Bloch wave angular frequency. The
finite element method has been used in previous works to successfully solve Bloch wave problems of this type,
which leads to a generalized eigenvalue problem of the form [7](

K(k)−ω
2M
)

û = 0, (5)

where K is the stiffness matrix which is a function of the Bloch wavenumber, M is the mass matrix, and û
is the Bloch wave mode that is discretized in space on a computational mesh. The dispersion relation ω(k) is
solved by sweeping k in the first Brillouin zone and solving Eq. (5) for ω .
As an example case, consider longitudinal wave propagation in a bar composed of two periodically-alternating
material layers with identical density b = ρ0. The first layer has Young’s modulus E1 and thickness L1, and the
second layer has Young’s modulus E2 and thickness L2. The periodic interval has length L = L1 +L2 = λm and
unit cell defined at −L/2≤ x≤ L/2. Assume, without loss of generality of the method, that the two layers have
the same thickness, L1 = L2. The modulus a(x) = E(x) is therefore defined as the piecewise function

E(x) =

{
E1, if −L

2 ≤ x < 0,
E2, if 0≤ x < L

2 .
(6)
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Figure 1. (a) Finite element computation of the dispersion relation for propagating longitudinal waves in a bar
with periodic alternating layers. Since the dispersion relation is periodic, the complete dispersion relation can
be obtained by restricting k to lie within the first Brillouin zone (black dashed lines). (b) Comparison of the
finite element computation in the first Brillouin zone from (a) with the exact dispersion relation (orange lines),
Eq. (7).

The exact dispersion relation in this case is the equation [4]

cos(kL) = cos
(

ω

c1
L1

)
cos
(

ω

c2
L2

)
− 1

2

(
z1

z2
+

z2

z1

)
sin
(

ω

c1
L1

)
sin
(

ω

c2
L2

)
, (7)

where c1,2 =
√

E1,2/ρ0 is the sound speed in each layer, and z1,2 = ρ0c1,2 is the impedance of each layer. Figure
1(a) shows the resulting eigenfrequencies from the finite element calculation using the properties E1 = 1, E2 = 2,
ρ0 = 1, L = 1, and Fig. 1(b) compares the finite element results with the exact dispersion relation provided by
Eq. (7). Excellent agreement is obtained between the exact dispersion relation and the finite element simulation.
As a consequence of the Bloch-Floquet theory, the dispersion relation is periodic with wavenumber periodicity
ω(k+ kL) = ω(k), where kL = 2π/L. The complete dispersion curve can therefore be obtained by limiting k
to the first Brillouin zone, which is the range k ∈ [−π/L,π/L] and is denoted by the vertical dashed lines in
Fig. 1(a) [4]. In addition, the periodicity of the layers gives rise to Bragg scattering, in which the scattered
waves caused by the impedance mismatch between the layers destructively interferes with the traveling wave
in certain frequency bands [8, 9]. This interference creates bandgaps in the dispersion relation, which prohibits
traveling waves with frequencies within the gap. The widths of the bandgaps are a function of the contrast of
the material moduli ∆E = E2−E1.

2.2 Time-dependent modulus
Now consider the case where the modulus is a periodic function of time, a(x, t)→ a(t). For this case, Eq. (1)
reduces to

a(t)
∂ 2u
∂x2 −b

∂ 2u
∂ t2 = 0. (8)

The traveling wave solution to Eq. (8) has the following form

u(x, t) =CΦ(t)ei(kx−ωt). (9)
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Figure 2. (a) Comparison of the frequency-wavenumber spectrum using Eq. (13) (open circles) with the exact
dispersion solution, Eq. (17). (b) Dispersion relation from (a) weighted by the magnitude of the fundamental
plane wave component in decibels, 20 log10(||Φ̂0||/||Φ̂||).

Note that Eq. (9) has the same form as Eq. (4), except the Bloch function in Eq. (9) is now a periodic function
of time. Since a(t) is assumed to be periodic with frequency ωm = 2π/Tm, a(t) can be written as a Fourier
series in time,

a(t) =
N

∑
n=−N

âne−inωmt , (10)

where it is assumed that the function a(t) can be well-represented with 2N +1 Fourier terms. The coefficients
ân are determined by the Fourier integral

ân =
ωm

2π

∫
π/ωm

−π/ωm
a(t)einωmt . (11)

Likewise, Φ(t) can also be expanded as a Fourier series in time,

Φ(t) =
N

∑
m=−N

Φ̂me−imωmt . (12)

Substitution of Eqns. (10) and (12) into Eq. (8) and utilizing orthogonality of the Fourier series yields a
quadratic eigenvalue problem,

ω
2MΦ̂+ωCΦ̂+KΦ̂ = 0, (13)

where Φ̂ = [Φ̂−N , Φ̂−N+1, ...,Φ̂N ]
T , M is the identity matrix, C depends on ωm, and K depends on â, ωm, and

k. For example, if N = 1 then the matrix elements in Eq. (13) areω
2

1 0 0
0 1 0
0 0 1

+ω

−2ωm 0 0
0 0 0
0 0 2ωm

− k2

b

â0−ω2
m â−1 0

â1 â0 â−1
0 â1 â0−ω2

m

Φ̂−1
Φ̂0
Φ̂1

= 0. (14)

As an example, consider the propagation of longitudinal waves in a bar with constant density b = ρ0 and a
time-varying Young’s modulus a(t)→ E(t), where E(t) varies as a square wave with minimum value E1 and
maximum value E2, which is written as

E(t) = E1 +∆EH[cos(ωmt)], (15)
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where H(·) is the Heaviside function, and ∆E = E2−E1. The Fourier coefficients in Eq. (10) are then

Ên = E2δn0−
∆E
2

sinc(
nπ

2
), (16)

where sinc(x) = sin(x)/x and δn0 is the Kronecker delta. The exact dispersion relation in this case is the
equation [11]

cos(ωT ) = cos(kc1T1)cos(kc2T2)−
1
2

(
c1T1

c2T2
+

c2T2

c1T1

)
sin(kc1T1)sin(kc2T2), (17)

where T1 = T2 = π/ωm, T = T1 + T2, and c1,2 =
√

E1,2/ρ0 [4]. This particular case has a similar dispersion
form to the space-only dispersion relation, Eq. (7), except it is a function of time. Figure 2(a) compares the
dispersion relation computed using Eq. (13) with parameters N = 5, ωm = 1, E1 = 1, E2 = 3, ρ0 = 1 and two
branches of the exact dispersion relation, Eq. (17). Note that the dispersion curves in Fig. 2(a) are periodic in
frequency with respect to the modulation frequency ωm, which is the analogue to wavenumber periodicity in
the case of a spatially-varying modulus. The computed dispersion relation using Eq. (13) agrees well with the
exact dispersion curves, and better agreement is obtained, particularly in the higher frequencies, by increasing
the number of Fourier terms N. It is observed from Fig. 2(a) that this system exhibits wavenumber gaps, which
are the analog of bandgaps in frequency for the the case of a spatially-varying modulus. However, propagating
waves within the wavenumber bandgaps are unstable and exhibit infinite growth in amplitude in the lossless
case [10].
The elements from the computed eigenvector Φ̂ are the amplitudes of the plane waves in Eq. (9). One also notes
that the total energy of the propagating waves, which is related to the squared magnitude of the plane wave am-
plitudes, are not evenly distributed across each frequency. This can be represented on a frequency-wavenumber
spectrum by weighting each curve by the magnitude of the fundamental plane wave amplitude ||Φ̂0||2. Figure
2(b) depicts the same results as Fig. 2(a), but each curve is now assigned a color that represents the normalized
magnitude of the fundamental (m= 0) plane wave component in decibels, specifically 20log10(||Φ̂0||/||Φ̂||). The
main dispersion branch is now easily identifiable, as well as the branches that interact with the main branch
near the wavenumber gaps.

2.3 Space- and time-dependent modulus
Finally, consider the case where now a(x, t) is a periodic function of time and space. The solution techniques
discussed for the time-only and space-only modulus cases can be leveraged to solve this general case. First,
a(x, t) is expanded as a Fourier series in time,

a(x, t) =
N

∑
n=−N

ân(x)e−inωmt , (18)

where ân(x) are the harmonic amplitudes and are periodic functions of space. As in the previous sections, a
Bloch wave solution is assumed, where the Bloch mode U(x, t) is now a periodic function of time and space,

u(x, t) = ei(kx−ωt)U(x, t). (19)

Therefore, U(x, t) can also be expanded as a Fourier series in time with harmonic amplitudes that are a periodic
function of space

U(x, t) =
N

∑
m=−N

ûm(x)e−imωmt . (20)

Equation (1) is solved by substituting Eqns. (18)-(20) into Eq. (1), utilizing orthogonality of the Fourier series,
and using the finite element method to discretize the resulting coupled ordinary differential equations that are a
function of space into a quadratic eigenvalue problem

ω
2M̄u+ωC̄u+ K̄u = 0, (21)
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Figure 3. (a) Finite element computation of the dispersion relation for the case of translating material layers
with modulation speed cm = 0.159 (ωm = 1). Due to the bias in the +x direction, the dispersion curves are not
symmetric about k = 0, i.e. reciprocity is broken. (b) The dispersion curves shown in (a) but with each point
colored by the magnitude of the fundamental component in decibels, 20 log10(||u0||/||u||). The dashed line is
the first branch of the exact dispersion relation for this case, which is obtained using Eq. (26) and Eq. (7).

where u = [û−N , ..., ûN ] and û is discretized in space on a computational mesh, M̄ is the global assembly of the
finite element mass matrices, C̄ is the global assembly of the finite element matrices proportional to ω , and K̄
is the global assembly of the finite element stiffness matrices.
As an example, consider the case of longitudinal wave propagation in a bar with constant density b = ρ0
composed of periodic alternating layers from Sec. 2.1, now translating in the +x direction at speed cm =ωm/km,
where km = 2π/λm is the modulation wavenumber. Therefore, the Young’s modulus a(x, t)→ E(x, t) has the
following functional form, which was recently studied using a different approach by Trainiti and Ruzzene [1]

E(x, t) = E1 +∆EH [cos(kmx−ωmt)] , (22)

which is a generalization of the time-varying Young’s modulus, Eq. (15). The Fourier coefficients in Eq. (18)
are thus given by [1]

Ên =

(
E2δn0−

∆E
2

sinc
[

πn
2

])
einkmx. (23)

The exact dispersion relation in this case can be obtained by shearing the dispersion relation for the case of
spatial variation of the Young’s modulus, Eq. (7). This is accomplished by replacing k with k̂, ω with ω̂ , and
c1, c2 with ĉ1, ĉ2, where

ĉ1 = c1−
c2

m

c1
, (24)

ĉ2 = c2−
c2

m

c2
, (25)

and solving Eq. (7) with these transformed variables [11]. The variables (k̂, ω̂) can be transformed back to
(k,ω) with the following transformation,

k = k̂+
ω̂cmL1

L(c2
1− c2

m)
+

ω̂cmL2

L(c2
2− c2

m)
, (26)

ω = ω̂ + cmk̂+
ω̂c2

mL1

L(c2
1− c2

m)
+

ω̂c2
mL2

L(c2
2− c2

m)
. (27)
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Figure 4. Dispersion relations for the translating layers case as a function of the modulation speed cm. (a) No
translation, cm = 0, (b) cm = 0.05, (c) cm = 0.1, (d) cm = 0.3.

Figure 3(a) shows the dispersion calculation from the finite element model using the parameters E1 = 1, E2 =
1.5, ρ0 = 1, L = 1, P = 2, and ωm = 1. As in the time-only modulation case, the entire frequency spectrum
can be generated by translating the fundamental (p = 0) branch by ±pωm. A bias in space-time has now
been introduced in the +x direction, which breaks time-reversal symmetry, and the dispersion relation is no
longer symmetric about the k = 0 axis. Therefore, reciprocity is broken. Figure 3(b) shows the same dispersion
curves as in Fig. 3(a), but with each point assigned a color determined by the magnitude of the fundamental
component in decibels, specifically 20log10(||û0||/||u||). As in the time-only modulation case, it is evident from
this plot that the harmonic amplitudes for each plane wave in Eq. (20) are not equal. This representation now
shows what appears to be directional bandgaps in the −x direction that do not exist in the +x direction. These
bandgaps are not identical to bandgaps in a system with only a spatially-varying modulus, since stable modes
do exist within the bandgap. It can be seen from Fig. 3(b) that the branch with the largest magnitude agrees
with the exact dispersion relation computed using the transformed variables, Eq. (26) and Eq. (7).
The frequency ranges of the directional bandgaps can be tuned with the speed of the modulation, cm. Figure
4 depicts the changes in the dispersion relation as cm is increased. For low modulation speed, mode splitting
occurs and the spatial-only dispersion solution splits into the ±ωm curves [12]. For a modulation speed of cm =
0.1, the band gap in the +x direction closes, and the band gap in the −x direction splits into two directional
band gaps, where the lowest directional band gap translates down as the modulation speed is increased, and the
higher directional band gap translates up in frequency as the modulation speed is increased. The width of the
band gap can be tuned in the same way as the spatial-only modulation case, by increasing the contrast (∆E)
between layers.
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3 SUMMARY
In this work, we have derived a computational approach based on the finite element method to study wave
propagation in modulated media. The effects of space-only and time-only modulation of the material modulus
on the propagation of Bloch waves in an elastic bar were explored, and the computational techniques used for
these cases were combined to study the case of a space- and time-varying material modulus. It is straightforward
to generalize this approach to the general elastodynamic case to study non-reciprocal wave propagation in a
mechanically-modulated medium [3].
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Abstract
Willis coupling is a phenomenon, which can increase the effectivity of acoustic metamaterials. We present a
concept for sound insulation based on meta-atoms with strong Willis coupling. The meta-atom geometry is
simple and easy to realize in industrial applications. Furthermore, available analytical formulation of its polar-
izability allows tuning the operating frequency and the Willis coupling magnitude to desired values. One of the
outcomes is a metacapsule, which can be beneficial for example in stage machinery applications, where com-
mon noise control solutions were not successful. We investigated the transmission properties of an exemplary
metacapsule during experiments and using simulation techniques.
Keywords: Sound, Insulation, Metamaterials, Willis Coupling
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Abstract
Cables are widely used to bear loads, tether objects or transmit data over a distance. Vibration in cables
can cause excessive wear, acoustic radiation and for sensing arrays, measurement error. Although a variety
of control methods have been proposed, metamaterials potentially offer a high level of performance within
limited weight constraints. This paper investigates the design of an elastic metamaterial (EMM) consisting
of single-degree-of-freedom (SDOF) resonators modelled as mass-spring-dampers, evenly distributed along
a one-dimensional string model. A systematic tuning approach for distributed tuned-vibration-absorbers
(TVAs), is shown in simulations to significantly reduce the energy of the cable around the resonance frequen-
cies. However, the effectiveness of this configuration is dependent on TVA position with respect to the cable
mode shapes and so is not robust to changes in length of the cable. An EMM is designed using a systematic
tuning approach and compared to an EMM optimised using a gradient descent approach. The EMM is shown
to achieve a similar level of absorption to the TVAs but is more robust to location on the cable.
Keywords: Metamaterial, Vibration, Optimisation

1 INTRODUCTION
Cables are used in a wide variety of applications to tether objects, bear loads and transmit data over long
distances. If subjected to vibration these cables can experience accelerated wear, requiring more frequent
maintenance or potentially leading to catastrophic failure. In the case of towed sensor arrays, vibration in
the towing cable leads to relative displacement of the sensors which can contribute to measurement errors.
Research into reduction of cable vibration has been a large area of interest for many years and is continuing
with modern materials and approaches.
A tuned-vibration-absorber (TVA) or dynamic-vibration-absorber (DVA) is a spring-mass system that can be
used to absorb the kinetic energy of a system. A TVA is more commonly known as a tuned-mass-damper
(TMD) if the absorbed energy is dissipated via damping. The optimisation of tuning frequency and damping
for a single TVA to minimise maximum displacement of a single-degree-of-freedom (SDOF) was first derived
by Ormondroyd and Den Hartog in 1928 (1) and has since been expanded to alternative optimisation criteria
based on the ratio between TVA and primary system mass (2–6). For multiple-degree-of-freedom (MDOF)
systems it has been shown that each mode can be considered individually for large ratios between adjacent
modes, therefore, all modes can be controlled using multiple TMDs, with one tuned to each mode using the
optimal approaches derived for the SDOF system (7). However, a TVA is tuned to a single frequency and
therefore has limited robustness to changes in the frequency response of the primary system.
Multiple smaller TVAs/TMDs tuned to frequencies around the primary resonance have been shown to out-
perform a single TVA of the same total mass, both in attenuation of the response of the primary system and
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in robustness to changes in primary resonant frequency (8–11). The optimum tuning frequency distribution
for multiple absorbers has been shown to be non-uniform (12). Multiple distributed TVAs could be applied
to the control of multiple modes, however, according to the work done by Warburton in (7), these multiple
TVAs must have tuning frequencies far enough away from the other resonant frequencies of the system such
that each mode can still be considered individually.
An elastic metamaterial (EMM) is an artificial material that is able to interact with elastic waves in materials
in a way that is not exhibited by natural materials. For example, an EMM might achieve effective negative
mass or negative stiffness. Based on the same principles of operation as a TVA, an EMM consisting of an
array of small, resonant sub-structures can be used to absorb vibration from a primary structure without sig-
nificant additional mass. This behaviour has been demonstrated in multiple cases for different structures with
varying degrees of freedom (13–18). A range of optimisation procedures has been used to optimise the indi-
vidual parameters of the EMM substructures including genetic algorithms (19, 20) and topology optimisation
(21, 22).
In this paper, a one dimensional (1D) EMM for vibration control of a taut cable is proposed. As an initial
study, a simplified cable is modelled and the effect of distributed TVAs examined as an approach to multi-
mode absorption. A metamaterial based on repeated cells of multiple SDOF resonators is then proposed,
and resonant frequencies of the individual substructures are optimised to maximise the attenuation in kinetic
energy using a gradient descent approach.

2 SIMULATION OF CABLE RESPONSE
Assuming the gravitational force acting on the cable is very small compared to the tension in the cable,
the cable can be regarded as a simple, taut string. Single-degree-of-freedom (SDOF) mass-spring-damper
models can be coupled to the string and represented as complex modal impedances. This section sets out
the linearised modal model of a string and the modified model to include coupled SDOF resonators used to
simulate the cable response.

2.1 Modal Model of a String
The dynamic response of a string in one dimension can be represented by the sum of the response due to
all of the modes of vibration (23). Considering a single element of the string of width δx, the sum of forces
acting perpendicular to the cable can be linearised and simplified based on the assumption of small-amplitude,
time-harmonic vibration. The response due to each mode can then be derived using a modal decomposition
method as

L
2


τ
nπ

L

2
+ jωbn −ω2µ


φn(t) =



L
F(x, t)ws,n(x)dL, (1)

where: L is cable length; τ is cable tension; n is the mode number; ω is the frequency in rads−1; µ is the
mass per unit length of the cable; bn is the modal damping coefficient equal to bn = 2ζ ( nπ

L )
√µτ; φn(t) is

the response of the n-th mode; F(x, t) is the force distribution along the cable; and ws,n(x) is the modeshape
function.
By assuming time-harmonic motion (φn(t) = Ane jωt and F(x, t) = Fe jωt ) and approximating the force distri-
bution along the cable as an array of I point forces at x = xi and with magnitude Fi, the response due to N
modes at frequency ω can be expressed in matrix form as

diag

B1 B2 · · · BN







A1
A2
...

AN




=





ws,1(x1) ws,1(x2) · · · ws,1(xI)
ws,2(x1) ws,2(x2) · · · ws,2(xI)

...
...

. . .
...

ws,N(x1) ws,N(x2) · · · ws,N(xI)









F1
F2
· · ·
FI



 , (2)
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where Bn =
L
2


τ


nπ
L

2
+ jωbn −ω2µ


and is the modal stiffness of the cable, An is the modal amplitude

and ws,n(xi) is the shape of mode n at the location of point force i, and

Bn =
L
2


τ
nπ

L

2
+ jωbn −ω2µ


. (3)

Equation 2 can be represented symbolically as

Ba = Wf, (4)

and a can then be solved at each frequency as

a = B−1Wf. (5)

Differentiating equation 5 with respect to time, gives a vector of the cable velocity due to each mode at
position x and frequency ω . The sum of the velocity due to each mode gives the total velocity at this point
and frequency and can be expressed as

v(x, jω) = jωws(x)a( jω), (6)

where ws(x) is a vector of the amplitude of each mode shape at x. The spatial average velocity magnitude
at each frequency can therefore be approximated by averaging equation 6 over discrete values of x as

|v̄( jω)|=−1
L

L

∑
x=0

 jωws(x)a( jω)
 dL. (7)

2.2 Modal Model with Coupled Resonators
A single-degree-of-freedom (SDOF) resonator can be approximated as a mass-spring-damper with mass mr,
stiffness kr and damping coefficient br. Each resonator presents as a force acting on the cable, comprised of
the force of the spring being compressed due to the motion of the cable, and the force due to the acceleration
of the resonator mass. The vector of forces for R individual resonators can be derived and expressed in
matrix form as





F̂r1
F̂r2
...

F̂R




= diag


Z1 Z2 · · · ZR







ααα1
ααα2
...

αααR









A1
A2
...

AN




or F̂ = ZRa. (8)

where Zr, the impedance corresponding to the r-th resonator, is

Zr = (kr + jωbr)


1− kr + jωbr

kr + jωbr −ω2mr


and αααr =





ws,1(xr)
ws,2(xr)

...
ws,N(xr)





T

. (9)

Adding this additional forcing term expressed by equation 9 to the right hand side of equation 4, the new
modal amplitudes can be expressed as

a = (B−RTZR)−1Wf, (10)
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and the resulting spatial average velocity magnitude of the cable can again be calculated using equation 7.

3 Multiple Tuned-Vibration-Absorbers (TVAs)
Using the model described in the previous section, this section presents an investigation on the use of dis-
tributed TVAs to control the modes of vibration of the cable. A cable with length, L = 1 m; mass per unit
length, µ = 0.0335 kgm−1; tension, τ = 500 N; and damping ratio, ζ = 0.01 is simulated with a force of 1 N
applied equally to all modes (Wf is all-ones). As it is only practicable to treat a finite number of system
modes, the frequency bandwidth is limited to 20-320 Hz, which includes the first five modal peaks. However,
the model is evaluated using N = 16 modes, which provides convergence of the modelled response over the
considered frequency range.

3.1 Systematic Tuning Method
The optimal tuning frequencies for TVA control of multiple modes on a cable has not been explicitly con-
sidered in the literature, therefore the near-optimal approach of tuning a TVA to each modal frequency and
positioning at the first anti-node of the respective mode shape is taken as the ‘systematic’ tuning method.
The TVA stiffness is kept constant to simplify the method and the masses are used to tune the TVAs. The
stiffness is set such that the total mass of the TVAs is 20% of the total cable mass.
The systematic tuning approach depends on prior knowledge of the modal frequencies, however, changes to
the parameters of the cable over time (e.g. change in length, added mass, variation in tension) will result
in a shift in the modal frequencies and the performance of the TVAs will be affected. A change in cable
length (for example, a cable partially wound in on a drum) would also displace the TVAs from the antinodes
of their respective modes and in extreme cases one or more TVAs could be lost completely. The string is
simulated with and without TVAs for the nominal length L0 = 1 m and for a variety of significant changes
in length in the range 0.9L0 ≤ L ≤ 1.1L0, where the TVAs maintain the same distance from x = 0. The
resulting spatial average velocity frequency response functions (FRFs) are shown in Figure 1. It can be seen
that the five modes have been significantly attenuated at the nominal length, however, for other cable lengths
the response can vary dramatically with amplification of higher order modal peaks. This can be attributed to
the fact that at higher frequencies the wavelength of the vibration is comparable to the change in length.

Figure 1. Spatial average velocity FRF for vibrating string simulated for different cable lengths, with and
without 5x TVAs positioned and tuned to the first 5 modes of the cable at nominal length.

Robustness to a change in frequency response could be achieved using additional TVAs, however, this does
not address the issue of a shift of the TVAs away from the antinodes if there is a change in cable length.
Additional distributed mass would reduce kinetic energy but a substantial change in mass would be required
for significant attenuation. A distributed array of TVAs on a small scale however, can be designed with little
additional mass and is less dependent on mode shapes and therefore cable length. If the scale becomes small
compared to the wavelengths involved the system can be considered homogeneous and is known as an elastic
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metamaterial (EMM). An EMM could also be designed so that the cable can still be run through pulleys or
stored on a drum, whereas larger TVAs may present a problem.

4 Elastic Metamaterial (EMM)
An optimised EMM presents a possible light-weight solution to the presented problem of controlling the
response of a cable with low sensitivity to the position of the treatment on the cable. An EMM consisting
of an array of small, SDOF TVAs is proposed, as shown in Figure 2. Based on achieving a small size
compared to the wavelength of the fifth mode shape of the 1 m string model described in the previous
section a unit cell of 0.2 m has been used. In order to make the proposed EMM practicable for future
experimental validation, each resonator within the EMM is spaced at 0.01 m intervals allowing a total of 20
resonators per unit cell. The unit-cell is repeated end-to-end along the length of the simulated cable, giving
5 unit cells in the case of the 1 m cable.

Figure 2. Proposed EMM design.

4.1 Systematic Tuning
Based on the systematic tuning approach for distributed TVAs, a systematically tuned EMM is first described.
Consecutive individual resonators within the cell are tuned sequentially to the first five (N = 5) modal fre-
quencies of the cable, such that for R = 20 there are four repeats. To allow comparison with the distributed
TVA approach, the fixed stiffness is set so that the total added mass, due to the 100 resonators (20 resonators
in each of the 5 unit cells), is equal to 20% of the mass of the cable.

4.2 Optimisation Procedure
Although it is expected that the systematic tuning approach proposed will achieve a significant level of per-
formance, it may not be optimal and, therefore, a procedure to optimise the masses of the resonators within
the unit cell has also been considered. This optimisation procedure could also be extended to consider more
complex objective functions that, for example, take into account the need for robustness. The optimisation
is carried out using the interior-point algorithm described in (24), implemented using fmincon in MATLAB.
It is assumed that more mass will give higher attenuation and, therefore, to limit the search area non-linear
constraints are imposed to limit the total added mass to between 15 and 20 % of the mass of the cable.
The cost function to be minimised in this case is defined as the total gain in kinetic energy of the cable at
the nominal tension τ0, after application of the EMM, thus maximising attenuation, approximated by

J = Ek,gain =
ω

∑


|v( jω)|
|v0( jω)|

2

, (11)

where |v0( jω)| is the spatial average velocity magnitude of the cable alone (with no vibration control).
The optimisation procedure is initially carried out using the systematic EMM masses as the start point of the
algorithm, and then repeated using multiple randomly generated start points to help ensure that the global
minimum is obtained.
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4.3 Results and Discussion
In the optimisation procedure the minimum was achieved from the systematic start point. Figure 3 compares
the optimised EMM with the systematic EMM in terms of the resonant frequencies of individual masses.
From this plot it can seen that for the optimised EMM the masses still remain close to the systematic
approach but with some small deviations.

Figure 3. Comparison between the resonant frequencies of unit cell resonators in the systematic and
optimised EMM.

The velocity response at the nominal length, L0 = 1 m, and the attenuation of kinetic energy (shown as a
negative gain) for variations in the length are shown in Figure 4 for the systematic and optimised EMMs,
alongside the results for a 20% increase in the mass of the cable, in each case the fixed-size unit cell is
repeated along the full length of the cable. Comparing the systematic EMM to the optimised version shows
improved attenuation in kinetic energy at the nominal tension and a ‘centering’ of the performance over
length. Both metamaterials perform significantly better than simply increasing the mass of the cable. It can
also be seen that the EMM has limited robustness to changes in the frequency response, offering a similar
level of robustness to that of the TVAs in the previous section. An optimisation procedure based on the
robust response could improve on this.

Figure 4. Spatial average velocity FRF of the cable at nominal length, L0 (left), and gain in the kinetic
energy of the cable over a range of cable length (right), for cable with systematic and optimised EMMs.

Figure 5 compares the response over length for different geometrical configurations of the optimised res-
onators within the EMM unit cell. Although there are variations between different configurations at non-
nominal lengths, the general trend is fairly consistent and at the nominal length all achieve similar attenuation
in the kinetic energy. This suggests that the EMM can be considered as near-homogeneous for the nominal
frequency response.
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Figure 5. Gain in the kinetic energy for different length cables when treated with the optimised
metamaterial for various rearrangement of the unit cell masses.

5 Conclusions
In this paper it has been demonstrated how systematically tuned TVAs can provide excellent attenuation in
the kinetic energy of a simulated vibrating cable by reducing the amplitude of the modal peaks, however,
this approach is not robust to changes in the frequency response or cable length. An elastic metamaterial
(EMM) has been proposed with 20 individually tuned resonators in each unit cell with the aim of being
independent of mode shapes such that it achieves good absorption independent of location along the cable.
Using a constrained gradient descent algorithm, the tuning frequencies of the unit cell resonators have been
optimised to minimise the kinetic energy at the nominal length and it has been seen that increased attenuation
in the kinetic energy at the nominal length is achieved for the optimised masses. It has also been shown
that when the masses are rearranged within the unit cell, although there is variation between the responses
when the length is changed, the attenuation at the nominal length is quite consistent. This suggests that the
EMM is close to acting as a homogeneous material, independent of the mode shapes. There is still, however,
a lack of robustness to the change in frequency response, and using a robust optimisation process has been
proposed.
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Abstract
We present the experimental and numerical characterisation of resonant-cavity-based structured surfaces for the
control of sound in air and underwater. Aluminium plate samples are drilled with hole arrays and experimentally
characterised by spatially-mapping the acoustic near field of the sample surface following excitation from a
point-like source. Experimental results show that bound acoustic modes are supported on these surfaces, and
can exhibit acoustic beaming and zero-group velocity. Airborne ASW characterisation of the dispersion relation
show good agreement with Finite Element Method (FEM) simulations when the sample surface is considered
acoustically rigid. Underwater characterisation shows good agreement only when the samples elastic properties
are accounted for. Having demonstrated these bound acoustic modes experimentally, we show some new ideas
towards coupling them to turbulent flow.
Keywords: Acoustic Surface Wave, Metamaterial, Beaming

The past 20 years have seen a wealth of research into sculpted surfaces to control waves using length scales that
are on order of, or less than, their wavelength. Following the seminal work on extraordinary optical transmission
[1] through a structured metal film, Pendry realised that a simple holey metallic plate could support a surface
localised plasmon-like resonance (or ‘spoof-surface-plasmon’) even when the metal is perfectly conducting [2].
This realisation arguably spearheaded the great interest into designer metamaterials across the physical sciences
disciplines. Acoustic metamaterials have since become an active area in contemporary acoustics since they offer,
a route to control, guide, or otherwise manipulate the propagation of acoustic energy that might address a range
of real-world problems, not easily overcome by conventional acoustic engineering approaches [3, 4].
An appropriately structured surface can support a bound acoustic surface wave in a similar way to Pendry’s
spoof-surface-plasmon. These acoustic surface waves (ASWs) have pushed extensive development in areas such
as Enhanced Acoustic Transmission (EAT) [5, 6, 7], and subwavelength imaging [8, 9]. Despite this, some of
the simplest patterned structures that support surface-localised acoustic waves have received little attention.
In this paper, we will show the characterisation of resonant-cavity-based structured surfaces for the control of
sound in air and underwater. Samples are made from plates that are drilled with different hole-array geome-
tries, and experimentally characterised by near acoustic field mapping. The measured results show that bound
acoustic modes are supported by these surfaces, and can exhibit acoustic beaming and zero-group velocity.
These samples are studied in air for audiable frequencies, and underwater in the 50 to 100 kHz frequency
range. Characterisation of the dispersion relation for airborne surface modes show good agreement with FEM
simulations when the sample surface is considered acoustically rigid; underwater characterisation shows good
agreement only when the samples elastic properties are accounted for.
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Figure 1. Schematic and mode dispersion of square hole array: (a) acrylic plate schematic, the sample has side
lengths B = 560.00 mm, hole depth H = 9.60±0.23 mm, hole radius R = 3.25±0.05 mm, with an x/y grating
pitch λg = 8 mm. (b) measured dispersion of the hole array sample between points of high lattice symmetry,
obtained from the spatial Fourier transforms of the pressure fields of the acoustic mode propagating on the
surface.

Figure 1 shows results for airborne acoustic surface modes supported by a square array of λ/2 cavity resonators.
We will further discuss results from different 2D lattices of resonators, and modes supported in 1D.
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Abstract
Acoustic cloaking is a technique that seeks hiding objects in a sound field by reducing or cancelling their
scattered sound pressure. Incident waves are restored to as close as possible their original undisturbed form after
hitting the cloaked object. One technique for achieving this goal is the design of additional scatterers around the
object, which, properly distributed and shaped, can create cloaking at the design frequency. A newly developed
numerical technique combining the Boundary Element Method (BEM) with shape optimization is applied in this
work for two-dimensional cloaking of a cylinder. The shapes of the scatterers are optimized for the cloaking
of the whole setup with waves impinging on the cylinder from several different directions. The results show a
measure of the amount of cloaking depending on the direction at the range around the design frequency. The
optimization results are compared with existing one-directional cloaks. The impact of visco-thermal acoustic
losses in the cloaking design is also evaluated by means of a BEM implementation with losses.
Keywords: Acoustic cloaking, Boundary Element Method, Shape Optimization

1 INTRODUCTION
Designing acoustic cloaking devices by scattering cancellation posses a challenge. Especially, if the requirement
is to offer a cloak that can operate with incident waves at different angles, i.e., a multi-directional cloak. In
recent years, several examples of cloaking devices that are based on scattering cancellation have been proposed
for one-directional cloaking [1, 2, 3], but also examples of multi-directional acoustic cloaks exist [4]. However,
obtaining multi-directional acoustic cloaks with similar performance to its one-directional counterpart is a non-
trivial task. In the Refs. [1, 2, 4], the cloaks are based on design methods that utilize simple shapes restricted
to cylinders or Beziér scatters. Therefore, the design space is limited, meaning that finding satisfactory solu-
tions can be cumbersome. In this paper, we will apply a newly developed shape optimization technique to the
optimization of a multi-directional cloak. The shape optimization technique is applicable to both isentropic and
lossy optimization and relies on the Boundary Element Method (BEM), which will allow more freedom for the
creation of the scatter shapes [5, 6].

In the following, firstly the BEM for scatting problems is introduced, hereafter, the initial design proposal
and parametrization of the multi-directional cloak is shown. This is followed by a section on the optimization
problem and its implementation. In the end, the final shape-optimized design is presented and its performance
is validated through several benchmarks, including a comparison with existing one-directional acoustic cloaking
designs.

2 BOUNDARY ELEMENT METHOD FOR SCATTERING PROBLEMS
The shape optimization technique is based on the BEM by direct collocation. The formulation of the BEM
takes its starting point at the Kirchhoff-Helmholtz integral equation, given by
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C(P)p =
∫

Γ

∂G(R)
∂n

p(Q)dΓ−
∫

Γ

G(R)
∂ p(Q)

∂n
dΓ+ pI (1)

where p is the acoustic pressure, C is the integral free term, P is a collocation point, Q are integration points
on the generator Γ, G(R) is the two dimensional fundamental solution with R = |P−Q| and pI is an incident
pressure. Discretization using collocation and assuming all surfaces to be rigid, i.e. ∂ p/∂n = 0, Eq. (1) can be
written in matrix form as

Ap+pI = 0. (2)

The assembly of the A matrix is carried out using a MATLAB MEX/C++ compiled boundary element code.
the scattered pressure in the domain can be obtained by using field point calculations

ps = App, (3)

where ps is the scattered pressure at different field points and Ap is the field point matrix.
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Figure 1. The initial design guess of the multi-directional cloak. The cloak design is based on 3 symmetrically
described scatterers that are duplicated every 18 degrees around the cylindrical object, resulting in 20 pairs of
identical scatterers. A detailed illustration of the parametrization is seen in the upper right corner, where the
blue dots represent the location of the control points that forms the three scatterer pairs. Incident to the design
is a plane wave oscillating at 340 Hz with an incident angle of θ = 0. The radius of the cylindrical object is 1
m.
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3 INITIAL DESIGN AND PARAMETRIZATION
The initial design guess and the parametrization type are important factors for successful shape optimization.
In the case of multi-directional cloaking it is a non-trivial task to guess on a good initial design. The initial
guess used here is seen in Figure 1. This design is based on an initial optimization process using the analytical
optimization approach found in Ref. [2], where the cloak is described analytically from Bézier scatters and
optimized using a combination of a genetic algorithm and simulated annealing [7]. It should be noted that the
initial design guess is already an improvement in terms of cloaking of the object.

To conduct the shape optimization the three scatterers are parametrized symmetrically using C2-continuous
parabolic blending to describe the mesh between control points [8]. The locations of the control points are
marked by blue dots in Figure 1. The total number of control points is 45 with each control point having
the possibility to move in both the x- and y-direction, leading to a total of 90 design variables and a mesh
consisting of 5104 quadratic continuous elements. The design of the 3 scatterers is copied for every 18 degrees
around the object, meaning that, due to symmetry, the design has 20 possible directions with the same cloaking
performance.

4 OPTIMIZATION PROBLEM
The goal is to minimize the scattered pressure in the domain Ωd (the blue region defined in Figure 1). This is
accomplished by solving the optimization problem stated as

min:
v

φ=
∫

Ωd

|ps|2 dΩ

s. t. κ(v)−κmax ≤ 0
Dmin−βD(v)≤ 0.
Eq.(2),

(4)

where φ is the objective function, v is a vector containing all the design variables, κ is the curvature at each
control point, κmax is the maximum curvature allowed, D(v) is the distance between control points, Dmin is a
minimum allowed distance and β is a self-intersection parameter. A more elaborate description of the curvature
and distance constraints can be found in Refs. [5] and [6]. In the following results, κmax = 250 m−1 and
Dmin = 1.3 cm. The optimization problem is solved using the gradient-based sequential quadratic programming
algorithm in the MATLAB function "fmincon".

4.1 Sensitivity analysis
The gradients with respect to the design variables v are calculated using a semi-analytical discrete adjoint ap-
proach. Therefore, a gradient with respect to a single design variable v can be obtained by [9]

dφ

dv
=

∂φ

∂v
+ℜ

(
λ

T
(

∂A
∂v

+pI
))

, (5)

here λ are the Lagrange multipliers, which can be found by solving the system

AT
λ =−

(
∂φ

∂pr
− i

∂φ

∂pi

)T

, (6)

where the subscripts r and i denote the real and imaginary parts of the complex pressure. In general, the matrix
derivatives are obtained by finite difference at a matrix level using a step length equal to

√
eps. The sensitivity

analysis is performed in parallel using a combination of the MATLAB "parfor" loop and OpenMP.
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Figure 2. a) Shape-optimized design of the multi-directional cloak, including a magnified area presenting the
location of the control points. b) evolution of the objective function φ during optimization (continuous blue
line). Additionally, the plot includes the value of the objective function when only the cylindrical object is
considered (dashed red line).

5 RESULTS
In this section, the results of the shape optimization of the multi-directional cloak are presented. This includes
several performance measures studying the frequency dependence, the angle of the incident wave, the effect of
viscothermal losses and the visibility of the cloak compared to two existing one-directional cloaking designs.
The full optimization time is approximately 3 days and is is performed on a 6 core Xeon E5-1650v3 processor
with 128 GB of memory. Figure 2a shows the shapes of the 3 scatterers for the optimized design. The design
is very similar to the initial guess, indicating that the initial design is very important for the shape optimization
outcome. In Figure 2b, the evolution of the objective function for each iteration is shown. Aditionally, the
figure also includes the objective function when only the cylindrical object is considered. The optimized design
is an improvement over the initial guess, with a value of the objective function around φ = 4.9, lower than in
the initial design (φ = 6.8). However, the design does not achieve an objective function close to zero, which
would correspond to perfect cloaking and complete reconstruction of the incident wave.

5.1 Cloak performance as a function of the incident angle and frequency
The objective function with respect to the frequency of the incident wave is plotted in Figure 3a. As expected,
the optimized design reduces the objective function at the optimization frequency. Additionally, the optimized
design shows a better "broadband" performance as compared to the initial design. It should be noted, that this
broadening of the response is obtained using a single optimization frequency and it is not included as an opti-
mization criterion.

Moreover, Figure 3b shows how the objective function of the initial and optimized designs depended on the
incident angle of the impinging plane wave. The incident angle has very little influence on the cloaking per-
formance. Figure 3a and Figure 3b also includes comparative Finite Element Method (FEM) simulations of the
optimized design. The FEM simulations are performed using COMSOL Multiphysics.
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Figure 3. a) Frequency dependence of the objective function for both the initial (blue) and the optimized (red)
design. The figure also includes simulations including viscous and thermal losses (green). b) Dependence of
the incident angle of the impinging plane wave for the initial (blue) and the optimized (red) design. circular
symbols represent equivalent FEM simulations for comparison.

5.2 Effect of viscous and thermal dissipation
The effect of viscous and thermal dissipation on acoustic cloaks based on scattering cancellation was previously
studied in Ref. [10]. In this reference, it is concluded that the effect of viscothermal losses can be neglected
when performing simulations on cloaking devices. However, since the design proposed here is fundamentally
different from the designs found in Refs. [1, 2, 6], with much more compactly arranged scatterers, a study of
the effect of losses on the objective function seems appropriate. Therefore, the frequency dependent behavior
of the objective function is also plotted in Figure 3a for both full viscothermal BEM and FEM simulations
(green curves). The lossy BEM simulations are based on the Kirchhoff decomposition of the full linearized
Navier-Stokes (FLNS) equations and implemented following the approach in Ref. [5]. On the other hand, the
FEM simulations are carried out using the FLNS implementation in COMSOL Multiphysics. It is observed
that the effect of losses on the objective function is small, and simulations of the objective function are very
similar to the isentropic computations. However, small discrepancies between the two lossy BEM and FEM
simulations can be observed. A possible explanation for the discrepancies might be due to differences in their
mesh densities. The lossy FEM simulations are performed using a mesh with approximately 8 million degrees of
freedom. On the contrary, the BEM calculations are based on the same mesh as the isentropic BEM calculations.
Similar small discrepancies between viscothermal FEM and BEM calculations are found in Ref. [10].

5.3 Visibility comparison with existing one-directional cloaks
A common measure to validate the cloaking performance is the so-called average visibility. The definition of
the average visibility and how to calculate it can be found in, e.g., the Refs. [1, 10]. In Figure 4, the average
visibility of the shape-optimized multi-directional cloak is plotted and compared to two one-directional cloaks
that can be found in Refs. [1] and [6]. The two one-directional cloaks are either created using a distribution of
120 cylinders or using shape optimized scatterers based on the same approach used in this paper. The cloaks
are designed with different operational frequencies in mind. Therefore, the frequency behavior is normalized
with respect to their individual operational frequency f0. As expected, the visibility of the multi-directional
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cloak is not as low as for the cloaks optimized for a single direction.
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Figure 4. The visibility of the optimized multi-directional cloak compared to two one-dimensional cloaks found
in the literature. The black curve is the visibility of the cloak found in Ref. [1] which consists of 120 cylinders,
and the red curve is the visibility of the shape-optimized one-dimensional cloak found in Ref. [6]. The green
curve represents the visibility of the shape optimized multi-directional cloak as seen in Figure 2a. Here, the
frequency f is normalized with respect to the operational frequency of the different cloaks. The operational
frequency is denoted by f0.

6 CONCLUSIONS
In this work, a newly developed shape optimization technique has been utilized to improve the design of a
multi-directional cloak based on Bézier scatterers. Although the shape-optimized multi-directional cloak is out
performed by the one-directional cloaks at the design frequency, it offer a broader frequency range of operation,
also compared with the initial omni-directional design. Interestingly, the proposed design is very robust with
respect to the angle of the plane wave (Figure 3b). In fact, the cloaking performance does not depend on the
incident angle making the design truly omni-directional.

The shape optimization results presented here should be considered an initial step towards creating high-performing
multi-directional acoustic cloaking devices. Several measures can be taken to improve on the optimized design
by, e.g., adding more scatterers or altering the initial location of the scatters, and perhaps including the location
of the scatter as additional design variables. Moreover, optimization studies can be performed with less restric-
tive constraints on, e.g., the curvature κ . This would allow for more design freedom perhaps improving the
cloaking performance. The negligible angle dependence of the optimized cloak suggests that the periodic scat-
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terers could be made broader and fewer. It can also be concluded that, even though the scatterers of the initial
and optimized designs are compactly arranged, the dissipative effects can safely be neglected in the optimization
procedure.
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Abstract
Entropy waves generate indirect combustion noise when accelerated in the turbine stages of aeroengines. This
indirect combustion noise constitutes a significant part of the overall combustion noise. In addition, the indi-
rect combustion noise from entropy waves can constructively interact with flame and induce high amplitude
self-sustained oscillations. A deep understanding of the advection and dispersion of entropy waves is therefore
important for the prediction of noise emissions and thermoacoustic instabilities. This experimental study con-
tributes to that goal: a highly turbulent airflow in a rectangular duct at ambient temperature is subject to the
forcing of a siren supplied with hot air. This pulsed hot-jet-in-cold-crossflow yields coherent entropy waves,
which are advected through the channel. The line-of-sight integrated temperature amplitude and phase are mea-
sured using high-speed Background-oriented Schlieren (BOS), thermocouples and simultaneous particle image
velocimetry (PIV). This non-invasive method facilitates the observation of low amplitude temperature fluctua-
tions at high frequencies, with a simple and inexpensive setup.

Keywords: Sound, Entropy waves

1 INTRODUCTION
Combustion systems in general, but gas turbines and aero-engines in particular, are prone to combustion noise that

comprises two components: direct combustion noise and indirect combustion noise. The direct component originates

from the unsteady volume expansion caused by fluctuating heat release of non steady flames [1, 11, 2], that are present

in all gas turbine applications. The unsteady heat release also modulates the temperature of the exhaust gas stream

and therefore creates hot pockets which are advected downstream with the flow. These travelling temperature waves

are generally referred to as Entropy Waves [7]. When they are accelerated in a nozzle, or for example a turbine inlet,

indirect noise is generated [6]. To correctly predict indirect noise, it is of great importance to understand and quantify

the dispersion of entropy waves during their advection in the combustion chamber. Recently, significant effort was

put into the modeling of such decay processes [5, 8]. The goal of this work is to measure such entropy waves during

the advection process.

2 EXPERIMENTAL SETUP
2.1 Test rig specifications
The ETH high-speed test rig is a non-reactive air wind tunnel with rectangular cross-section depicted in figure 1. A

compressor is supplying dry air at a maximal mass flow of 240 g/s at 5.5 bar. For this study, the test rig was operated

at a static pressure of around 1.3 bar. The channel has an inner height of H = 57mm and a width of W = 25mm.

Optical access is available in the test section from the top and the side using borosilicate windows.

Entropy waves are generated by a siren upstream of the test section. The siren consist of a rotating perforated disk and

an electric heater, as schematically drawn in figure 2. The modulation frequency of this pulsed hot jet-in-crossflow

is controlled by adjusting the rotational velocity of the disk. The temperature is controlled by thermostat, monitoring

the temperature downstream of the heating element. The generated entropy waves are then advected to the test section

where the optical measurements are performed. The walls of the siren are isolated while the main channel is exposed

to natural convection of the surrounding air at room temperature.
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Figure 1. Experimental setup

Figure 2. Siren operating principle

2.2 Instrumentation
To obtain the desired high-speed temperature measurements, a background oriented schlieren (BOS) system with

telecentric optics was mounted perpendicular to the flow direction, as shown in figure 1 a). To avoid the strong

mechanical vibrations induced by the siren, the BOS camera (Photron HSSX) plus optics (2 simple plano-convex

lenses, Thorlabs LA1979 and Eksma 110-0730E), background pattern and light source (HARDsoft IL-106) were

attached to one single optical rail that was isolated using passive pneumatic vibration dampers (Thorlabs PWA074).

A second high-speed camera to do PIV was placed on a tripod in the same hoizontal plane as the BOS system. The

field of vew (FOV) was adjusted to match the BOS one and the tilted focal plane was corrected using a Scheimpflug.

The PIV camera was equipped with a Nikon AF 200mm micro Nikkor lens and a 532nm bandpass filter from Edmund

Optics. A Photonics DM60 Nd:YAG was used to generate a pulsed 532 nm laser light sheet that was introduced in

the center of the channel from the top using a laser arm and sheet optics from Lavision.

To capture the mean temperatures of the main flow, the heated siren flow and the vitiated flow, thermocouples were

placed at the three locations specified in figure 1 b). Additionally, a differential static pressure probe was placed

downstream of the test section and the current ambient air pressure was noted during the experiments.
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3 EXPERIMENTAL METHODOLOGY
3.1 Telecentric BOS
Telecentric BOS relies on the same principles as conventional BOS [10], which is the bending of light rays in non-

homogeneous media due to spatial gradients in refractive index, but brings the advantage of increased depth of field

and parallel projection of the background through the observation area and therefore also higher accuracy [9]. The

setup consist of a high-speed camera, 2 convex lenses with focal lengths f 1 and f 2, an aperture, a luminous light

source and pattern of randomly placed dots. Such a setup is schematically drawn in figure 3, where Zd is the distance

between the background plane and the center of the observation area, Za the distance between the center of the obser-

vation area and Lens 1. The aperture is placed in between Lens 1 and Lens 2 where the distances between the lenses

and the aperture are determined by the lenses focal lengths f 1 and f 2. This allows to block most of the non-parallel

light [9] and therefore increases the depth of field and ensures parallel projection of the background pattern through

the observation area. With smaller aperture, depth of field increases, but the light intensity on the camera sensor

decreases. Only a small fraction of the light is parallel or close to parallel, therefore a strong light source is needed

along with a compromise on depth of field. This is quantified in more detail below.

Without being deflected by an inhomogeneous media in the observation area, a light ray may travel from the back-

ground pattern to the camera sensor via the path depicted by a dashed line in figure 3. If gradients in refractive index

are present, the light ray is deflected by an angle ε . BOS is a line-of-sight integrated method, which means that ε can

only be related to line-of-sight integrated gradients in refractive index n as shown in equation 1 [12], where s and q are

the local coordinates tangential and perpendicular to the light ray and n0 is the refractive index at room temperature.

ε =
1

n0

∫ dn
dq

ds (1)

Assuming a two-dimensional flow and small deflection angles, the deflection angle in y direction εy can be expressed

as shown below with W being the thickness of the flow.

εy =
W
n0

∂n
∂y

(2)

Since we are assuming small deflection angles, we can also relate the deflection angle to the apparent displacement

Δy of the background pattern using equation 3.

εy = tan(
Δy

Zd
)≈ Δy

Zd
(3)

Combining equations 2 and 3 and considering deflection in x direction analogously, expressions for the first spatial

gradients of refractive index as a function of the apparent pattern displacement are obtained:

∂n
∂x

=
n0

W
Δx

Zd

∂n
∂y

=
n0

W
Δy

Zd

(4)

Since we can assume parallel projection in this telecentric optical system, the scaling between background and image

sensor plane is defined only by the focal lengths f 1 and f 2 of the two lenses [9]. 3.

f 2

f 1
=

Δy

Δ′
y
= Mtele (5)

Practically, correct scaling is ensured using a calibration target on the background plane and the displacement Δy
is obtained directly using the cross-correlation algorithm of Lavision DAVIS 8.4. Classically, the BOS methods
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Figure 3. Telecentric BOS principle

requires a reference image of the background taken with clean optical path, meaning a homogenous medium in

the observation area and therefore ε = 0. This reference is then compared to snapshots later in time using cross-

correlation when the optical path is affected by refractive index gradients. In highly vibrating environments and

thermally unsteady experiments this can be a problem because high bias errors arise [13]. Even in a less harsh

experimental environment, so called spurious displacements [14] can cause significant errors in the displacement

quantification. Overall it is best to minimize the time between the recording of the reference image and the actual

measurement. In this work, only moving fast moving gradient structures are considered, therefore a different strategy

is employed. For each measurement, data sets of 5000 images were recorded at a frame-rate of 12.5 kHz and an

average image was calculated to serve as reference. The slight blurriness resulting from this strategy was handled

well by the cross-correlation algorithm.

The δx and δy fields were calculated employing a multi-pass strategy with decreasing correlation window size of 48 by

48 pixel with 75% overlap in the first pass and 16 by 16 pixel with 50% overlap in the second pass. Despite the very

luminous LED light source (Model IL-106, HARDsoft Inc.), there is a trade-off between gathering enough light and

improved depth of field due to a small aperture. An aperture diameter of d = 4 mm was found to allow for sufficient

illumination even at this high frame-rate.

3.2 Processing
The telecentric BOS system described in section 3.1 yields instantaneous displacement fields Δx and Δy of the camera

FOV. Using the velocity information obtained by PIV, these fields are spatially connected since the frame-rate is

sufficiently high to have overlapping areas within the individual snapshots. Figure 4 a) shows such snapshots of the

the total displacement Δxy =
√

Δ2
x +Δ2

y . Visually it is already obvious that there is significant overlap between the

individual frames since the gradient structure that is advected through the FOV has an almost identical shape in all

the displayed snapshots. The overlap d(φ) is estimated using a phase-averaged spatial average of the axial velocity

at this instant. In the next step the overlapping areas are continuously averaged, as displayed in figure 4 b). Since the

axial velocity is not constant over the acoustic cycle, the overlap d varies as well. This process is repeated over all

available acoustic cycles to get the displacement field depicted in figure 4 c). Since the overlap is not constant, but

the phase angle increases linearly with time, new coordinates x̃ and ỹ are needed:

x̃ = xs +
T0

2π

∫ φ

0
ũ(φ)dφ

ỹ = ys

(6)

5610



Figure 4. a) Instantaneous displacement fields of camera FOV b) Using the velocimetry data obtained by PIV, an

overlap is calculated and the displacement fields are stacked on top of each other accordingly. In the overlapping area,

the displacement fields are averaged. c) Resulting phase-averaged displacement field representing one acoustic cycle

(here 240 Hz)

The displacement fields obtained by applying this method represent the phase-averaged mean of an entire convective

wavelength, but captured sequentially at the camera position since the FOV is not wide enough to capture an instan-

taneous convective wave in one shot.

The same approach may also be used with instantaneous velocity data to get several instantaneous cycles. The axial

coordinate would in that case change to:

x̃inst = xs +
∫ t

0
u(t)dt (7)

To further process the obtained gradient fields, one needs to perform 2D spatial integration. This can be achieved by

solving the system shown in equation 4. In this study the integration was done by taking the partial derivative in x and

y respectively and adding the 2 equations which results in equation 8

∂ 2n
∂x2

+
∂ 2n
∂y2

=
n0

WZd

(∂Δx
∂x

+
∂Δy
∂y

)
(8)

The two dimensional line-of-sight integrated refraction index field can then be obtained using a poisson solver.

[14] The line-of-sight integrated density is obtained via the Gladstone-Dale equation shown below with G being

the Gladstone-Dale constant [3].

ρ =
n−1

G
(9)

Using the ideal gas law, one can then calculate the line-of-sight integrated temperature field, using the gas constant of

air R and the static pressure ps.

T =
ps

ρR
(10)
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4 RESULTS
4.1 Temperature and Mie scattering fields
Experiments were conducted at various excitation temperatures and frequencies. The mass flow rate of the cold main

flow was kept at 150 g/s, while the overall mass flow of the oscillating hot jet-in-crossflow was kept at 10 % of the

main flow. The temperature of the hot jet-in-crossflow was varied from 321K to 519K while the cold main flow was

kept at 300K. Figure 5 shows the obtained line-of-sight integrated temperature fields for two siren frequencies and

five amplitudes each. The increase in excitation temperature is easily visible, which is a good indication that the

presented results are physical and entropy waves survive the advection process from siren injection to the test section.

This also means that these waves would be relevant for indirect noise production, if an area change would be added

to the channel. To support the claim of having measured the entropy waves correctly, the same processing algorithm

a) b)
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Figure 5. a) Phase-averaged amplitude fields of the fluctuating temperature component for increasing siren amplitudes

and two frequencies b) Phase-averaged Mie scattering images

detailed in section 3.2 was applied to the Mie scattering images of the seeded flow, recorded to perform PIV. Since

only the cold main flow was subject to particle seeding, one can qualitatively identify hot regions by looking at the

intensity of this Mie scattering signal. Low luminosity corresponds therefore to a hot region and higher higher lumi-

nosity to a colder region where less or no mixing with the hot air, injected by the siren, has happened. The results

presented in figure 5 b) are in good agreement with the BOS results.
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4.2 Validation against LES
To validate the measured temperature amplitudes, large-eddy simulations (LES) were performed using the explicit

parallel code AVBP [4], employing the second order numerical scheme Lax-Wendroff. Five simulations with similar

conditions for mass flows, temperatures and pressure were performed in a domain representative of the experimental

facilities. The intention was not to achieve a perfect match, but to show that the obtained BOS results are reasonable.

Figure 6. Phase-locked amplitudes of temperature obtained by experiments and LES as a function of Strouhal number

Figure 6 shows phase-locked amplitudes of the line-of-sight integrated temperature, extracted from the LES, as a

function of the Strouhal number Str = f ·L
ūc

. L respresents the axial distance from the siren injection hole, f the

excitation frequency and ūa the average advection velocity present in the channel. The agreement for low Str is quite

good, but at higher Str, the LES consequently predicts a higher temperature fluctuation amplitude. This experimental

method relies on spatial integration, which increases the difficulty to get a clean measurement when spatial separation

of the entropy waves becomes smaller. This is the case for high Str numbers, especially since these points were

measured using a higher excitation frequency, rather than increased distance. A large variation of L is difficult to

achieve with this experimental facility, because the optical access is limited to the test section.

This issue and also the shape of the amplitude decay in the LES will be discussed in depth in a separate publication.

5 CONCLUSION
An experimental method to measure the temperature amplitude of advected entropy waves in the region of several

hundred Hz has been presented. The 2D distribution of line-of-sight integrated temperature agrees well with the

qualitative information in the Mie scattering signal of the imaged seeding particles.

The agreement with LES is quite good for lower frequencies. In the higher frequency range further investigations are

needed. After the addition of a nozzle, the measured temperature fluctuations will be used to study indirect noise,

which is the main motivation of the future work.
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Study of the relation between entropy flux density production and 
thermal efficiency of a thermoacoustic engine 

Mariko SENGA1; Shinya HASEGAWA2 
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ABSTRACT 
A traveling wave thermoacoustic device, which traveling wave performs energy conversion with the 
regenerator (a bundle of narrow channels) having a temperature gradient instead of a piston. This device 
can realize Carnot cycle, which is an isothermal reversible cycle, ideally. However, irreversibility exists in 
the actual traveling wave thermoacoustic device, and the isothermal reversibility of energy conversion can 
be considered by the ratio of the thermal penetration depth δα and the channel radius r in the regenerator. In 
order to make the actual traveling wave thermoacoustic device approach the Carnot cycle, it is necessary to 
set r/δα in the regenerator to realize the small irreversibility due to viscous dissipation and the isothermal 
thermodynamic cycle. In this study, entropy production is focused as an indicator of reversibility / 
irreversibility in the regenerator. The thermal efficiency and the entropy production in the regenerator were 
analyzed by changing r/δα, and the relationship between irreversibility and thermal efficiency was 
investigated. In analysis results, it was found that r/δα of the maximum point of the thermal efficiency and 
the minimum point of the entropy production almost agrees, and the thermal efficiency can be evaluated by 
using the minimum point of the entropy production. 
 
Keywords: Thermoacoustic engine, Thermal efficiency, Entropy production 

1. INTRODUCTION 
A traveling wave thermoacoustic device that performs energy conversion with a regenera tor (a 

bundle of narrow channels) having a temperature gradient using traveling wave sound waves instead 
of pistons can realize Carnot cycle, which is ideally a isothermal reversible cycle (1). This device 
has the advantage of high efficiency (2) and simple structure. Recently, many research is promoted 
as a waste heat recovery device actively (3, 4). The reversibility of the energy conversion of the 
traveling wave thermoacoustic device can be considered by the thermal penetration depth δα and the 
channel radius r of the regenerator (5). In the case of r/δα >> 1, the heat from the channel wall is not 
transferred to the gas in the channel, resulting in an adiabatic reversible cycle. Because of this reason, 
the energy conversion cannot be performed. On the other hand, in r/δα << 1, the thermodynamic 
cycle is isothermal because the heat of the channel wall is easily transferred to the gas in the channel. 
However, if r/δα is too small, viscous dissipation becomes dominant and the irreversibility due to 
dissipation becomes large (5, 6). Therefore, it is necessary to set r/δα appropriately in order to bring 
the actual traveling wave thermoacoustic device closer to the Carnot cycle.   

In general heat engines, the entropy production is used as an indicator of the 
reversibility/irreversibility. If the entropy production is large, the irreversibility becomes large . Since 
the thermoacoustic device is also heat engine, it is possible to discuss reversibility / irreversibility by 
using the entropy production.  

In this study, the thermal efficiency and the entropy production in the regenerator were analyzed 
by changing r/δα, and the relationship between irreversibility and thermal efficiency was 
investigated. 

2. ANALYSIS METHOD 
In this study, analysis of the entropy production and the thermal efficiency under the constraint 
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condition is based on the linear thermoacoustic theory (5, 6, 7). In analysis, only one flow channel of 
the regenerator is considered. By using the linear thermoacoustic theory, dP/dx (gradient of complex 
pressure amplitude P), dU/dx (gradient of cross-sectional mean complex velocity amplitude U) and 
cross-sectional mean complex temperature amplitude T are expressed as follows. x is defined as the 
propagation direction of the acoustic wave as positive along the axial direction of the flow channel.  

dP
dx

jωρm
1 χν

U,  (1) 

dU
dx

jω
Pm

1 γ 1 χα P
χα χν

1 χν 1 σ
1

Tm

dTm

dx
U  (2) 

T
1

CPρm
1 χα P

1 χα 1 χν
1 χν

1
jω

dTm

dx
P  (3) 

Here, j: imaginary unit, ω angular frequency, ρm mean density, γ specific heat ratio, Pm mean 
pressure, Tm cross-sectional mean temperature, Cp isobaric specific heat, σ Prandtl number. 
Furthermore, the parameters χα, χν are thermoacoustic functions related to thermal diffusion and 
viscosity depending on r / δα, ν (5, 6). The energy conversion between heat flux density Q and work 
flux density I in the regenerator of the thermoacoustic engine can be written as Equation (4)  
corresponding to the first law of thermodynamics. 

d
dx

Q I 0 ,  (4) 

I
1
2

Re PU  (5) 

Q
1
2

CPρmRe TU I  (6) 

Here, if the entropy flux density S is Q/Tm, the entropy flux density production per unit length dS/dx is 
expressed as follows (8); 

dS
dx

d
dx

Q
Tm

1
Tm

dQ
dx

 
Q

Tm
2

dTm

dx
1

Tm

dI
dx

 
Q

Tm
2

dTm

dx
. (7) 

Therefore, thermal efficiency η is given by the ratio of increment of I and amount of heat input Q in 
the regenerator. 

η
dI

Q dI
2

.  (8) 

dS/dx and η can be analyzed by substituting Equations (1)~(6) to Equations (7) and (8). In the analysis 
of dS/dx and η, it is assumed that the phase difference between P and U is zero in order to consider the 
energy conversion by traveling wave. In this study,  η and dS/dx are analyzed by changing r/δα , their 
dependence on r/δα and the relationship between them was investigated. The analysis conditions are 
shown in Table1. 
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Table 1 – Parameter in analysis 

Tm 450 K ρm 1.08 kg/m3 

dTm 300 K Pm 1.01 MPa 

dx 50 mm P 5000 Pa 

γ 1.65 U 0.40 m/s 

λ 4.95 r 5.23×10-3~5.23 mm 

(r / δα = 0.01 ~10) 

Cp 5232 J/(kg K) ω 251.3 rad/s (= 40 Hz) 
 

3. ANALYSIS RESULTS 
Figure 1 shows the results of η and Fig. 2 shows dS/dx, respectively. The horizontal axis in both 

figures is r/δα. The maximum point of η is shown by black circle in Fig. 1. From this figure, η is 
maximized at r/δα 0.19. This reason is considered from dS/dx. In Fig. 2, the minimum point dS/dx is 
expressed by black triangle. The range in which dS/dx decreased is 0.05 < r/δα < 1.7, and dS/dx 
becomes minimum value at r/δα 0.17. As described above, it is considered that dS/dx becomes large 
in r/δα ≤ 0.05 because the viscous dissipation is dominant. On the other hand, dS/dx is small in 1.7 ≤ 
r/δα. However, in this region r / δα, the energy conversion between I and Q is not performed since the 
thermodynamic cycle is adiabatic cycle. For this reason, η is decreased in this region. Furthermore, by 
comparing the value r/δα in Fig. 1 and Fig. 2, the r/δα minimum point of dS/dx and maximum point of 
η are almost same. From these results, η can be evaluated by using the minimum point of dS/dx. 

 

  

Figure 1 – η vs. r / δα                                       Figure 2 – dS/dx vs. r / δα 
 

4. CONCLUSIONS 
In this study, for the traveling wave thermoacoustic engine, the thermal efficiency and the entropy 

production under a constraint condition in the regenerator were analyzed and the relation between 
them was investigated. As results, the thermal efficiency is maximum at r/δα 0.19, and the entropy 
production became minimum at r/δα 0.17 in the analysis range of this study. Therefore, it was found 
that r/δα of the maximum point of the thermal efficiency and the minimum point of the entropy 
production almost agrees, and the thermal efficiency can be evaluated by using the minimum point of 
the entropy production. 
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Experiments on self-excited thermoacoustic oscillations in  

an air-filled closed tube 
Nobumasa SUGIMOTO1; Keisuke MINAMIGAWA 
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ABSTRACT 
Experiments are performed to demonstrate experimentally emergence of self-excited thermoacoustic 
oscillations of an air column in a closed, straight tube. Installing therein a stack subjected to a temperature 
gradient, onset of instability and ensuing self-excited oscillations are investigated. Effects of a pore radius in 
the stack are examined by using four stacks of 50, 100, 200 and 300 cells per square inches. The onset of 
instability is discussed in light of the marginal condition derived based on Rott equation. It is found that the 
temperature ratios at hot-to-cold ends of the stack are higher in all cases than the ones predicted by the 
marginal conditions. The pressure profiles in the steady-state oscillations exhibit typical characteristics of 
nonlinear oscillations, i.e. sharp and narrow crests and flat and wide troughs due to many higher harmonics 
in oscillations, but no shocks appear. A mean pressure is higher near the closed ends. Among the four stacks, 
it is observed that the peak-to-peak pressure at the closed end takes the maximum 10% relative to the 
atmospheric pressure in the case of the stack of 100 cells.  

Keywords: Thermoacoustics, Self-excited oscillations, Stack, Standing wave 

1. INTRODUCTION 
Thermoacoustics has attracted continual attention since 19th century but in a relatively special area in 

acoustics. This may be seen in that few textbooks and monographs in acoustics deal with this subject. 
However it appears to be gaining status recently as one area in physical acoustics. Thermoacoustic 
phenomena may be classified into two categories. One is the phenomena due to instability by unsteady heat 
release like in combustion, while the other is those due to instability of steady heat flow. Of course, it is noted 
that thermoacoustic phenomena occurring in reality may involve both aspects in the two categories. 
Nevertheless, unfortunately, researches and communications are closed within each category and have been 
done independently so far. Recently, however, a new trend toward fusion appears to be born (1).   
  This paper concerns with the phenomena in the latter experimentally in the simplest situation. Spontaneous 
oscillations of an air column are investigated experimentally in a closed, straight tube of uniform cross-
section with a so-called stack installed and subjected to a temperature gradient axially. The stack consists of 
many through pores axially and it is sandwiched by hot and cold (kept at ambient temperature) heat 
exchangers so that a temperature gradient is imposed to yield axial heat flow.  

The heat flow entering the stack from the hot heat exchanger flows down not only in the solid but also in 
the air toward the cold one and leaves there. The air in the stack is set in a thermally non-equilibrium state 
and the heat flow is always exposed to various disturbances so is fluctuating. As there exist eigenmodes of 
oscillations of the air column in the tube, it is possible that one of the modes may be excited to give rise to 
instability. However because dissipative effects by viscosity and thermal conductivity are present, they 
usually act to suppress the instability so that the quiescent state appears to be maintained.  
   As the temperature gradient becomes steeper and the magnitude of the heat flow becomes greater, the 
dissipative effects no longer suppress the instability but rather promote it by taking energy from the heat flow. 
Such instability may be understood on the analogy of instability of viscous flow. The heat flux through the 
wall can give rise to instability if its phasing with the pressure variations is favorable. This corresponds to 
Rayleigh’s criterion of instability in the first category, though the heat release rate is now replaced by the heat 
flux. For this instability to occur, there is a threshold of a heat flow, i.e. of a temperature gradient. This 
condition is a marginal condition of instability, which depends on each eigenmode of oscillations.  
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When one of the eigenmodes becomes unstable, the amplitude grows exponentially. As it becomes larger, 
higher harmonics tend to be generated by nonlinearity and energy in the unstable mode is transferred to higher 
modes in a cascade manner. As a consequence, the amplitude of the unstable mode tends to be saturated and 
eventually self-excited, periodic oscillations emerge. The marginal conditions of instability are available 
based on Rott equation (see references in (2)). Optimization of the system for low onset temperature is studied 
in (3). When the oscillations enter a nonlinear regime, it is difficult to tackle them analytically.  
   In the following, the initial onset of instability to the emergence of the self-excited oscillations are 
demonstrated experimentally. The present experiments deal with the standing wave in the closed tube with 
ends, which is compared with the traveling wave in the looped tube without ends demonstrated previously in 
(4). So there are some overlaps in the experimental stet-ups and methods.     

2. Experiments 
Figure 1 illustrates schematically the geometrical configuration of the tube. The tube is of length L =3,630 

mm and of diameter 2 80R mm and is made of stainless steel. It is closed by flat plates on both ends and is 
filled with atmospheric air. A stack made of ceramics is installed in the tube and is sandwiched by hot and 
cold heat exchangers to impose a temperature gradient along the stack. The stack is of length 150 mm and of 
diameter 79 mm.  

Taking the x axis along the tube from the left end, the cold and hot ends of the stack are located at 1x
=3,235 mm and 2x =3,385 mm, respectively. The interval between 2x and x L is called a thermal buffer tube 
over which the temperature decreases toward the right end. The two heat exchangers are almost the same as 
those used in the looped tube (4). Only difference is in structure of the hot heat exchanger. The slit plate with 
equally spaced 7 fins of thickness 2 mm and of axial depth 10 mm is replaced by a porous plate of axial depth 
10 mm with regularly spaced pores of diameter 7.5 mm so that the porosity is 66%.   

Four stacks are used and the geometry of the stacks is given in Tab. 1. Each stack has many through pores 
of square cross-section axially, which open regularly over the cross-section of the stack in the form of square 
cells. Each cell is of length 2 2H W on a side and a square pore of length 2H on a side is located at the 
center of each cell. The porosity of the cell is given by 2 2/( ) .H H W  

One end of the stack at 2x x is set in contact with the hot heat exchanger heated by a tubular heater 
wound around the outside of the heat exchanger. The stack is also heated from inside by a cartridge heater 
embedded along the centerline from the hot end. Both heaters are heated by following the protocol determined 
in advance to apply voltages (4). The other end of the stack is set in contact with the cold heat exchanger 
cooled by a tap water. Temperature of each heater is measured by a thermocouple embedded therein. The 
pressure is measured by pressure sensors flush mounted on the flat plate at both ends and at a location 

3 1,800x x mm, which is close to the middle of the tube, i.e. the pressure node of linear oscillations in a 
uniform tube without a stack.    

 
Table 1 – Geometry of the stacks  

No. of cells  

[in 2] 

Pore width 

2H [mm]  

Wall thickness 

2W [mm] 

Porosity 
 [%] 

Remark 

[Materials] 

50 3.0 0.80 62 Lithia 

100 2.0 0.62 58 Lithia 

200 1.5 0.30 69 Cordierite 

300 1.2 0.27 67 Cordierite 

Figure 1 – Geometrical configuration of the tube. 
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3. Results 
After 2,600 to 2,900 s from the start of the experiment, the air column begins to oscillate spontaneously 

except for the case of 50 cells. Figure 2 shows the step-up behaviors of the excess pressure p over the 
atmospheric one 0p measured on the left end of the tube. The origin of the time in each figure is taken 
independently of the time set at the start of the experiment. Because of measurements over a long-time span 
80 s or 160 s in (a), only envelopes of the amplitude of oscillations are visible.   

The amplitude steps up the most rapidly in the case of 100cells and the most slowly in the case of 50 
cells, where it takes 4,600 s for the step-up. It is noted that the temperature of either one (or both) of the 
heaters is observed to drop suddenly and sharply just before the beginning of the step-up observed. The same 
phenomena are also observed in the case of the looped tube (4).  
   In the course of time after the step-up, the amplitude increases gradually in response to the increase in the 
input powers to the heaters until 5,000 s. After this time, the temperatures of the heaters remain constant and 
the oscillations appear to reach a steady state by 7,200 s. Figure 3 displays the profiles of the excess pressure
p measured at 7,200 s on both ends and at 3.x x  The origin of the time is also arbitrarily taken. The blue 

and green curves represent the profiles measured at 0x and ,x L respectively. The red curve represents the 
one measured at 3.x x   
   The profiles in blue and green exhibit typical characteristics of nonlinear oscillations. The crests are 
narrow and sharp, whereas the trough are flat and wide. Because the phase difference between the blue and 
green curves appears to be , it is found that the oscillations occurs in the lowest 1/2-wave mode of 
oscillations where the tube length corresponds to the half wavelength. The mean pressure on both ends is 
found to be higher than 0p . The peak pressure on the right end in the buffer tube is seen to be slightly higher 
than that on the left end. The maximum in the peak-to-peak pressure is about 10% relative to 0p on the right 
end. The maximum on the left end is slightly smaller than this value.     

The period of oscillations can be read off from Fig.3 to be about 20 ms so that the frequency of oscillations 
is estimated to be about 50 Hz. Figure 4 shows the Fourier spectra of the profile measured on the left end in 
Fig. 3. It is found that the frequency of the first harmonics is 48.1 Hz and that many higher harmonics are 
visible up to the 20th one. Because the middle of the tube corresponds to the pressure node of linear 

Figure 2 – Step-up behaviors of the excess pressure relative to the atmospheric one measured on the 
left end of the tube in the cases of the stacks 50, 100, 200 and 300 cells/in2 in (a), (b), (c) and (d), 
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oscillations, the profile in red is due to the second-harmonic oscillations so that the amplitude is small.  

4. Discussions 

4.1 Marginal Conditions of Instability 
   It has been demonstrated that the instability of heat flow in the stack gives rise to self-excited oscillations 
of the air column in the closed tube. Marginal conditions of instability are available by using Rott equations. 
Assuming that the temperature in the stack increases exponentially from 1x x toward 2x x and then 
decreases in the buffer tube toward the closed end in the form of a quadratic function, the marginal conditions 
are calculated for the porosity of the stack from 0.5 to 0.9 by step 0.1 (2). Figure 5 shows the ratio of the 
highest temperature HT at 2x x to the ambient temperature 0T in 10 x x against the pore radius sR of the 
stack. For the square pore, sR is taken as a hydraulic radius defined by twice the area 24H divided by the 
wetted perimeter 8H so that .sR H  
   It is seen in Fig.5 that the porosity has little effects on the marginal conditions. This is different from the 
case of the looped tube (2). More importantly, the marginal condition suggests that there is a lower bound of 
the pore radius so that no instability occurs for the pore radius smaller than 0.4 mm. The solid circle, triangle, 
square and diamond represent, respectively, the temperature ratios 0/HT T measured at the onset of instability. 
Because the stack is heated by the two heaters, the mean temperature is used for HT (4). For all stacks, the 
temperature ratios measured are higher than the ones predicted by the marginal conditions. However the 
tendency of the marginal curves is seen in the data plotted, namely, they appear to lie on a curve convex 
downward and the radius of the minimum temperature ratio appears to coincide. The ratios are comparable 
with those in the looped tube (4).  

Figure 3 – Temporal profiles of relative to measured on the left end (blue) and the right end 
(green) at 7,200 s in the case of 100 cells where the profile in red represents the one at almost 
in the middle of the tube.   

Figure 4 – Fourier spectra of the profile on the left end in Fig.3.   
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4.2 Linear Growth Rate 
 Next the linear growth rate is calculated when the temperature ratio exceeds the marginal one. Figure 6 

shows the growth rate [s 1] against 0/ .HT T Just on the marginal curves in Fig.5, the growth rate vanishes and 
becomes positive above them. It is found that the rate is greatest in the case of 200 cells for 0/HT T less than 2 
and in the case of 100 cells above it. This is consistent with the rapid step-up behavior in these cases. In the 
cases of 50 and 300 cells, on the other hand, the step-up is slow. From Fig, 5, it is found that the minimum 
temperature ratio is about 1.45 at 0.75sR mm, which is close to the case of the stack of 200 cells.  

Yu and Jaworski (3) give the optimum conditions for the low onset temperature in the case of a very short 
stack by assuming helium. Denoting a wavelength by , the stack should be located at /2 5.5 /32x L for 
a circular pore. When is taken to be 2L, the optimum position of the stack is at 0.84x L . If the position of 
the stack in our experiment is taken as the middle of the stack as 1 2( ) / 2sx x x x , 0.91sx L , which is 
closer to the right end. On the other hand, the optimum ratio / 1.0h kr where /2h sr R and k is the thermal 
penetration depth. This depth is estimated to be 0.35 mm for air, and the optimal radius sR is 0.72 mm. This 
value is close to the radius at the minimum temperature ratio in Fig.5 and is close to the case of the stack of 
200 cells. This is also seen in Fig.6.  

The growth rate calculated is greater than that measured from the step-up behavior in Fig.2. It is 
conjectured that the step-up in Fig.2 is not caused by the linear instability. Because the envelopes of the 
pressure profiles in Fig.2 are asymmetric in polarity, the oscillations are not in a linear regime of instability 
growing exponentially. Rather the linear growth might have already occurred before the step-up shown. If 
so, the pressure smaller than 310 in magnitude should be measured but it cannot be captured by the pressure 
sensors used. According to the results of CFD for the looped tube (5), perhaps, the step-up behavior in Fig.2 
will belong to the second regime of hierarchial spectral broadening subsequent to the first regime of the 
modal growth by the linear theory. 

Figure 5 – Marginal conditions for the temperature ratio against the pore radius for the porosity
from 0.5 to 0.9 by step 0.1, where the solid circle, triangle, square and diamond represent the 

temperature ratios measured at the onset of instability in the cases of 50, 100, 200 and 300 cells shown 
in Fig.2, respectively.   

Figure 6 – Linear growth rate against the temperature ratio in the cases of 50, 100, 200 and 300 
cells.  
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Figure 7 – Dimensionless angular frequency relative to of the marginal oscillations for the porosity 
from 0.5 to 0.9 by step 0.1. 

Figure 8 – Marginal conditions for the temperature ratio against the pore radius for the 1/2-wave 
to the 3/2-wave modes for the porosity 0.58 where the dotted line designates the case of the stack of 100 
cells.

Figure 9 – Dimensionless angular frequency of the marginal oscillations for the 
1/2-wave to the 3/2-wave modes for the porosity 0.58 where the dotted line designates the case of the 
stack of 100 cells. 
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4.3 Angular Frequency of Marginal Oscillations 
The angular frequency of the marginal oscillations is also available. The oscillations take place in the 

lowest 1/2-wave mode so the dimensionless angular frequency 0( / )L a is nearly equal to , and 0a
being, respectively, a dimensional angular frequency and sound speed. Figure 7 shows how far deviates in 
percentage from in the lossless case without a stack. It is found that as the porosity increases, approaches

, while as the pore radius becomes smaller so that the dissipative effects are enhanced, it tends to deviate 
significantly from it.   

 

4.4 Marginal Conditions of Higher Modes and Degree of Dissonance  
   As the self-excited oscillations take place at the temperature ratio higher than the one given by the 
marginal condition, higher modes are also excited. Figure 8 shows the marginal conditions of the 1/2-wave 
to the 3/2-wave modes against the pore radius with the porosity fixed at 0.58 where the dotted line designates 
the case of 100 cells. If the temperature ratio exceeds 2.5, the 1/2-wave to the 3/2-modes are unstable.  
   The angular frequencies in the higher modes are also available. Denoting the dimensionless angular 
frequency of the n/2-wave mode by 0( / , 1,2,3)n nL a n , n being the dimensional angular frequency in 
the n/2-wave mode, n are close to .n  In the lossless case without a stack, n are n-multiples of .  Then 
the tube is consonant. Figure 9 shows how far n deviate from .n  In other words, it shows the degree of 
dissonance.  
   As the amplitude of oscillations becomes large in the consonant tube, frequencies of all higher harmonics 
coincide with those of higher modes so that the higher modes are easily excited. Then the energy in the unstable 
modes is transferred to higher modes and eventually a shock wave appears. In the present experiments, 
however, no shock wave appears. This is compared with the case of the looped tube where the shock wave 
appears (4). Checking the degree of dissonance in both cases, this is larger in the present case. Thus this subtle 
difference is thought to determine whether or not the shock wave emerges.    

4.5 Mode of Oscillations 
Finally the axial variations of the excess pressure and the axial mass flux density due to the marginal 

oscillations in the 1/2-wave mode are displayed for the porosity 0.58 and 1.0sR mm in the case of 100 
cells. The pressure is assumed to be uniform over the cross-section, while the mass flux density eu is non-
uniform and averaged over it, where e andu denote, respectively, the density in the quiescent state and the 
axial velocity. Letting the excess pressure and the mean axial mass flux density to be in the form of 
Re{ ( )exp(i )}P x t and Re{ ( )exp(i )}F x t , Fig.10 shows the absolute values of the complex amplitudes P
and F. In addition, the distribution of the mean axial energy flux density (intensity) *( Re{ }/2 )eI PF
averaged over the period of oscillations is also drawn, the asterisk designating the complex conjugate.   

The amplitude profiles of | |P and | |F appear to be almost the same as those in the 1/2-wave mode of 
lossless oscillations in a uniform tube without a stack. Here P is normalized by (0)P . It is seen that P(L) is 
slightly greater than P(0). Although| |F and I are discontinuous at both ends of the stack, they are continuous 
on multiplying the porosity. While I vanishes everywhere in the lossless standing wave, it decreases from 
zero on the left end toward the cold end of the stack due to the dissipative effects. However I increases 
across the stack up to the hot end of the stack and then decreases to vanish on the right end. It is seen that 
the energy flux is produced in the stack and flows out axially in the positive and negative senses.  

In Fig.10, no information on phases is available. Figure 11 shows the real and imaginary parts of P and
F in the solid and broken curves, respectively. The real parts correspond to the profiles at t

( 1,2,3,...)m m , while the imaginary parts to those at ( 1/2) ( 1,2,3,...)t m m . It is found that the 
behaviors in the vicinity of the stack are different from those in the lossless case.  

The profiles in Figs.10 and 11 are only in the case of the 1/2-wave mode. The self-excited oscillations 
observed include some unstable (active) modes of oscillations, while the remaining modes are passive. Thus 
the oscillations may be represented by the sum of the active and passive modes. When nonlinear interactions 
between them are taken into account, it is expected that the self-excited oscillations will be described 
analytically.  

5 CONCLUSIONS 
Thermoacoustic instability and ensuing self-excited oscillations have been demonstrated experimentally 

in the air-filled, closed tube with the stack subjected to the temperature gradient. It is remarked that there 
exists the lower bound of the pore radius for the instability to occur. Also remarked are no influences of the 
porosity on the marginal conditions. These are different from the case of the looped tube. The frequency in 
the present case is just twice as high compared with the one in the looped tube so that the thickness of 
diffusion layers is relatively thin. Nevertheless the pore radius for the instability is larger.  

The degree of dissonance in the closed tube is larger and therefore no shock wave appears unlike in the 
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case of the looped tube. In spite of the oscillations free from the shock, however, the maximum peak-to-peak 
pressure of 10% is smaller than 15% in the looped tube. The low temperature ratio for the onset of instability 
is important from a viewpoint of application, while larger amplitude of emergent self-exited oscillations is 
also desired. It is remarked that the pore radius for the minimum temperature ratio does not coincide with 
that of the maximum growth rate and the large amplitude of emergent oscillations.  
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Figure 10 – Axial variations of the amplitudes of the excess pressure and of the axial mass flux density
together with the variation of the mean axial energy flux density (intensity) over the period in the 

1/2-wave mode for the porosity 0.58 and mm in the case of 100 cells.  

Figure 11 – Axial variations of the real and imaginary parts of the complex amplitudes and in the 1/2-
wave mode for the porosity 0.58 and mm in the case of 100 cells. 
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Amplitude death in Coupled Thermoacoustic Oscillators with 
Frequency Detuning 
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ABSTRACT 
Thermoacoustic oscillation is a harmful vibration in combustors of a gas turbine engine because it can 
damage the combustors. Development of a suppression method of thermoacoustic oscillation is urgent 
necessity. Recently, a coupling-induced amplitude death phenomenon was reported experimentally and 
numerically in thermoacoustic oscillators of Sondhauss type. Since the coupling was established only by 
using hollow tubes that connects two oscillators, this method can be a simple and reliable method to stop the 
oscillations, compared to active control method involving electronics and acoustic drivers. In this study, the 
tube coupling is further tested for the coupled thermoacoustic oscillators with frequency detuning, in order to 
explore the possibility of stronger suppression effect. The linear stability of the coupled oscillators is 
numerically obtained based on hydrodynamic equations. We describe that the amplitude death is realized 
with much smaller tube diameter than that of coupled thermoacoustic oscillators with no detuning. Also, we 
describe that the tube length resulting in the amplitude death is different from that of coupled identical 
oscillators. These numerical results are compared with experiments to confirm the validity. 
 
Keywords: Amplitude death, Thermoacoustics, Coupling 

1. INTRODUCTION 
Thermoacoustic oscillation is a self-sustained gas oscillation when a heat source exists in a duct. 

Combustion oscillation (1) is a thermoacoustic oscillation in combustors of a gas turbine engine. Lean 
premixed combustion method is employed to reduce the emission of NOx in gas turbine engine. In this 
method, the emergence of combustion oscillation is a troublesome issue because the combustion 
oscillation leads to serious damage to the combustors. Suppression methods of thermoacoustic 
oscillation such as active control method have been studied. These suppression methods, however, 
sometimes can be complex because of requirement of the equipment to control an external forcing. 
Development of simple and reliable suppression method of thermoacoustic oscillation is an urgent 
necessity. 

The stabilization of oscillation can be realized by the coupling of two or more oscillators. The 
annihilation of the oscillation is called amplitude death. The presence of the amplitude death has been 
reported theoretically and experimentally in various oscillation systems (2-4). Recently, the 
stabilization of coupled Sondhauss type thermoacoustic oscillators has been reported (5). Two 
identical Sondhauss oscillators were coupled using a hollow tube. The Sondhauss oscillator were 
modeled based on the hydrodynamic equations. The stability analysis has shown the amplitude death 
occurs when the coupling tube lengths are one-quarter or three-quarters of the wavelength of 
fundamental acoustic oscillations in uncoupled oscillators.   

In this study, the tube coupling is further tested for the coupled Sondhauss type thermoacoustic 
oscillators with frequency detuning, in order to explore the possibility of stronger suppression effect. 
Frequency detuning is introduced by using two oscillators with different resonance tube length. The 
conditions realizing amplitude death is numerically obtained and presented on the parameter plane on 
the detuning and coupling tube length. We have found that the tube length resulting in the amplitude 
death is different from that of coupled identical oscillators. We also have found that the coupling tube 
diameter required to cause the amplitude death is much smaller tube diameter than that of coupled 
thermoacoustic with no detuning.  

                                                        
1 hyodo@amsd.mech.tohoku.ac.jp 
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2. COUPLED THRERMOACOUSTIC OSCILLATORS 

2.1 Thermoacoustic Oscillator 
A Sondhauss type thermoacoustic oscillator used in this study is made of a resonance tube, a stack, 

and cold and hot heat exchangers. The working gas is air at atmospheric pressure. A circular tube of 
diameter D = 40 mm is used as a resonance tube. The stack is made of many circular pores of 1.12 mm 
diameter and 40 mm length. The porosity of the stack is 0.78. The stack is located in the resonance tube 
with its central position separated from the end by 180 mm. The stack is sandwiched between hot and 
cold heat exchangers, each of which is made of parallel plates with 0.5 mm thickness and 20 mm length, 
placed with 1 mm spacing. The temporal mean gas temperature, TC, in the cold heat exchanger is 
constant at room temperature (297 K). The temperature in the hot heat exchanger is a control parameter 
to induce thermoacoustic oscillations. In the other parts of the oscillator, the temporal mean 
temperature is equal to TC. 

 
Figure 1 – Coupled thermoacoustic oscillators 

2.2 Coupled Oscillators 
Two thermoacoustic oscillators are coupled using a connecting tube, as shown in Figure 1. Two 

oscillators, Oscillator A and Oscillator B, are different only in the resonance tube length. The 
resonance tube length, LA, of Oscillator A is fixed at LA = 860 mm, whereas the tube length, LB, of 
Oscillator B is a control parameter to make a frequency detuning. The temperature THA in the hot heat 
exchanger of Oscillator A is fixed at THA = 537 K. The temperature THB in the hot heat exchanger of 
Oscillator B is controlled as explained in section 3. These two oscillators are coupled at their ends by 
using the connecting tube, which is modeled by a circular channel with diameter d and length L.  

3. CALCULATION METHOD 

3.1 Basic Equation 
The hydrodynamic equations are used as basic equations for the analysis. The equations of 

continuity, momentum, and energy are linearized for a purely oscillating flow with angular frequency 
ω (6). Taking the cross-sectional average along a radial direction of a flow channel, these basic 
equations are reduced to a pair of quasi-one-dimensional differential equations of complex pressure 
amplitude P and complex velocity amplitude U as 

,dP ZU
dx

 (1) 

.dU YP GU
dx

 (2) 

In these equations, Z, Y, and G are given as 
1 ,

1
mZ i
A

 (3) 

1 1
,

m

A
Y i

P
 (4) 

1 ,
1 1

m

m

dT
G

T dx
 (5) 

where ρm, Pm, and Tm respectively denote the temporal mean density, pressure and temperature  of the 
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gas. Also, γ and σ are the specific heat ratio and Prandtl number of the gas.  
For the gas with thermal diffusivity α and kinematic viscosity ν, the thermoacoustic function χj 

(j=α or ν) is given using the first-order and zeroth-order Bessel functions J1 and J0 of the first kind as 

1

0

2 1
.

1 1

j
j

j j

J j

i J j
 (6) 

In equation (6), τj is given 

2 / 2 ,j r j  (7) 

where r is the radius of the flow channel. 
The differential equations (1) and (2) are solved analytically. The solution gives the relation of P 

and U between two different points x and x+l as 

,
P x l P x

M
U x l U x

 (8) 

where M is the transfer matrix given as 

2

2sinh cosh sinh
.

2 sinh sinh cosh
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G Z
b bM e

Y G
b b

 (9) 

In equation (9), 2 4b G YZ  and / 2bl . 
In the following, the transfer matrices MA and MB denote the matrix of Oscillator A and Oscillator 

B, respectively. These matrices are created by taking a product of the transfer matrices of the circular 
tube, cold heat exchanger, stack, hot heat exchanger, and the circular tube. The transfer matrix MT 
denotes that of the coupling tube.  

3.2 Frequency Equation 
Transfer matrices MA and MB link acoustic variables (PA,B(0), UA,B(0)) at xA,B = 0 with (PA,B(LA,B), 

UA,B(LA,B)) at xA,B = LA,B on both ends of the oscillator: 

, , ,
,

,, ,

0
.

0
A B A B A B

A B
A BA B A B

P L P
M

UU L
 (10) 

Transfer matrix MT links the acoustic variables (PT(0), UT(0)) with (PT(L), UT(L)) at the ends of the 
coupling tube as 

0
.

0
T T

T
T T

P L P
M

U L U
 (11) 

When the two oscillators are uncoupled, the boundary conditions require UA,B = 0 at the closed 
ends (xA,B = 0 and xA,B = LA,B). To have a nonzero solution, 

, 21
0A BM  (12) 

must be satisfied. This equation serves as the frequency equation of the uncoupled oscillator, where 
the two subscript numbers denote the transfer matrix component.  

For the coupled case, the connecting conditions between the oscillators and the connecting tube 
are the continuity of the pressure amplitude 

0 ,A A T B B TP L P P L P L  (13) 
and the continuity of the velocity amplitude: 

0 , .A A T B TU L U U L U L  (14) 
As a condition to have a nonzero solution of P and U, we obtain the frequency equation of coupled 
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oscillators as 

21 11 11 11 11 21

22 11 21 12 21 21 0
T A B T A B

T B A T A B

M M M M M M

M M M M M M
 (15) 

When THA, THB, d, L, and LB are given, equations (12) and (15) can be solved for the complex 
frequency f = (ω/2π). The real part of solution represents the frequency of oscillation. The imaginary 
part represents the stability of the equilibrium; a positive imaginary part means that the equilibrium 
state is linearly stable, whereas a negative one means that the equilibrium is unstable. In this way, the 
stability of the uncoupled oscillator is investigated. By solving equation (12) with changing the hot 
end temperature, the critical temperature above which the oscillations are excited are searched. The 
critical temperature ΔTA = THA − TC of the uncoupled Oscillator A is obtained as ΔTA = 190 K. When 
ΔTA is set to 240 K, the complex frequency fA (= fRA + i fIA) of the uncoupled Oscillator A is obtained as 
fRA = 206 Hz and fIA = −1.20 (1/s) which indicates the excitation of the fundamental acoustic 
oscillations whose wavelength is essentially twice the length of LA, and the characteristic number of 
cycles QA(= fRA / fIA) is 172 before the oscillation amplitude grows substantially. When the temperature 
ΔTB (= THB − TC) and the resonance tube length LB is given, the complex frequency fB (= fRB + i fIB) of 
the uncoupled Oscillator B can be obtained as well. When the resonance tube length LB differs from LA, 
also the frequency fRB differs from fRA although the oscillation mode is persistently the fundamental 
one. The frequency detuning ΔfR = fRB − fRA is chosen as a parameter. It is to be noted that the linear 
stability fIB is also affected by changing LB. Therefore, the temperature ΔTB is controlled so that the 
QB(=fRB / fIB) of Oscillator B becomes the same value as QA.  

Figure 2 presents the resonance tube length LB dependence of the frequency fRB of uncoupled 
Oscillator B. The red curve represents fRB and the horizontal black line represents the frequency with 
LB = LA. The frequency fRB monotonically decreases as the tube length LB increases. The difference 
between the red curve and black line represents the frequency detuning ΔfR. In the following 
calculation, the length LB is changed in the range 790 mm < LB < 950 mm so that the frequency 
detuning range becomes −20 Hz < ΔfR < 20 Hz. 

 
Figure 2 – Resonance tube length LB dependence of oscillation frequency fRB  

 

4. RESULTS AND DISCUSSION 

4.1 Calculation Result 
By solving equation (15), the stability of the coupled oscillators is investigated by changing LB and 

the coupling tube length L while keeping the coupling tube diameter d = 8 mm. Figure 2 presents a 
contour map of fI on the plane of ΔfR and L. Broken curves represent the contour line with fI = 0. Inside 
of the broken curves, the fI is positive. In these areas, the amplitude death occurs, i.e. both two 
oscillators are stabilized. The death regions are located near L = 0.85 m and L = 1.7 m. Two lengths L 
= 0.85 m and L = 1.7 m are close to a half or one wavelength of 206 Hz fundamental acoustic waves . 
Near L = 1.7 m, the death regions are created when the detuning ΔfR is larger than 10 Hz which is 5% 
of the fundamental oscillation frequency. Near L = 0.85 m, the detuning ΔfR must be larger than 15 Hz 
to realize the amplitude death. These death regions are slightly asymmetric. In the center of the death  
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Figure 3 – Contour map of fI of the coupled thermoacoustic oscillators 

 
region with L = 1.7, ΔfR = −16 Hz, fR and fI are fR = 198 Hz, fI = 1.16 (1/s). This means that the 
oscillation ceases after 171 cycles Q(=fR / fI=170.7). Outside of the death regions, the value of fI is not 
extremely smaller than that of uncoupled oscillator, which means that the instability is not enhanced by 
the coupling. 

It should be noted here that the frequency detuning reduces the tube diameter and changes the 
tube length necessary for the amplitude death in the coupled thermoacoustic oscillators. By changing 
and comparing the contour maps of fI when d value is reduced less than 8 mm, we have found that 
the smallest d that stabilize the oscillators is d = 3mm. On the other hand, our previous study (5), 
conducted using the same oscillator as Oscillator A in figure 1, demonstrated that two identical 
thermoacoustic oscillators without detuning were stabilized only when the coupling tube diameter is 
larger than 25 mm. The tube diameter difference of 3 mm and 25 mm is significantly large, 
considering that the resonance tube diameter is 40 mm. In this study, the death regions appeared with 
L = 0.85 m and L = 1.7 m. These lengths correspond to a half wavelength and one wavelength of the 
fundamental oscillation. In the case with zero detuning, the necessary lengths were L =0.42 and L = 
1.27 m, corresponding to one-quarter and three-quarters of the acoustic wavelength. The coupled 
thermoacoustic oscillators with frequency detuning is tested by experiments in the next section, to 
confirm the amplitude death conditions. 

4.2 Comparison with Experimental Result 
Two thermoacoustic oscillators shown in figure 1 were constructed in the same way as Reference 

(5). In Oscillator B, one of the ends of the resonance tube was replaced with the movable plug to 
change LB. When the resonance tube length LB was changed, not only the frequency fB of uncoupled 
Oscillator B but also the pressure amplitude of uncoupled Oscillator B was changed. Therefore, the 
temperature difference ΔTB was controlled so that the pressure amplitude of oscillator A and B became 
the same before the coupling was introduced. The two oscillators were connected by thick-walled 
flexible tube with the diameter 8 mm. 

Figure 3 presents the oscillation states after the coupling on the plane of the frequency detuning Δ 
f = fB - fA and coupling tube length L. The amplitude death regions (crosses) appeared with L = 0.8 m 
and L = 1.6 m when the frequency detuning was employed. For L = 0.8 m, the frequency detuning  
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Figure 4 – Experimental bifurcation diagram 
 
required to cause the amplitude death is larger than that of L = 1.6 m. We observed the oscillation states 
outside of the death regions. When the frequency detuning was small, the two oscillators were 
synchronous (circles). When the frequency detuning was increased, the synchronization was broken 
(horizontal lines). The pressure amplitude of coupled oscillators did not greatly exceed that of 
uncoupled oscillators. These experimental results are consistent with the calculation results. The 
stability analysis is useful for examining the amplitude death conditions even if the frequency detuning 
is introduced. 

5. CONCLUSIONS 
The amplitude death conditions in the coupled thermoacoustic oscillators of the Sondhauss type 

with frequency detuning were explored with respect to the coupling tube length and the detuning. We 
found that the tube coupling with frequency detuning realize the amplitude death with much smaller 
tube diameter than that of coupled thermoacoustic oscillators with no detuning. The frequency 
detuning was found to greatly reduce the tube diameter necessary to cause the amplitude death, 
indicating that the stronger suppression effect is expected than in the coupling with zero detuning. 
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S R YEDDULA(1); A S MORGANS(2)

(1)Imperial College London, United Kingdom, s.yeddula18@imperial.ac.uk
(2)Imperial College London, United Kingdom, a.morgans@imperial.ac.uk

Abstract
A semi-analytical solution for the propagation of plane acoustic waves in a varying area duct, sustaining a mean
isentropic flow with axial gas property gradients, is developed. A second order differential equation (ODE)
for acoustic pressure is derived from the linearised Euler equations in the frequency domain, by neglecting
the communication between acoustic and entropy disturbances. This ODE has axially varying coefficients and
is solved using an adaptive WKB approximation method, so that the obtained wave-like solution consists of
separate amplitude and phase factors, expressed as the superposition of downstream and upstream propagating
wave components. This solution is valid at sufficiently large frequencies, meaning the frequencies considered
must be low enough to ensure a predominantly one-dimensional acoustic field with negligible diffusive effects,
but large enough for WKB method validity. A test case representing a typical industrial gas turbine combustor
outlet converging section with a high mean-flow acceleration is considered for validation. Analytical results
are compared to numerical solutions of linearised Euler equations neglecting acoustic-entropy coupling (2LEE).
When the limiting frequency criteria are satisfied, the semi-analytical solution agrees well with the 2LEE results
at even flow Mach-numbers around 0.5.
Keywords: Semi-analytical, 1-D acoustic field, varying-area duct, WKB method

1 INTRODUCTION
Thermoacoustic instabilities, also known as combustion instabilities, occur due to a two-way coupling between
unsteady heat release and acoustics. If acoustic pressure fluctuations are in-phase with unsteady heat release
at the flame, and if the resulting energy gain of perturbations exceeds the acoustic energy efflux[1], the am-
plitude of acoustic oscillations grows. This causes high levels of noise and system vibration until the effects
of acoustic non-linearities leads to limit-cycling or other non-linear oscillations. Thermoacoustic instabilities
are highly undesirable. They are also difficult to simulate, the disparity between the acoustic length scales,
which are O(metre), and the flame wrinkling, O(millimetre), and flame reactions O(micrometre), makes it very
computationally costly.
Computational methods which couple separate treatments for the acoustic waves and the flame have been shown
to have much promise [2]. The flame is normally treated using large eddy simulations, while the acoustic waves
can be treated using low order network modelling[2, 3] or Helmholtz solver[4]. This work focuses on low order
network modelling, which employs acoustic waves analytical solutions that have the ability to account for mean
flow effects. However, acoustic wave models for ducts with mean flow, temperature and area gradients, are cur-
rently limited to specific simple cases. It is desirable for network models to have an analytical solution, which
can be represented as a superposition of upstream and downstream propagating acoustic wave components, this
offering more physical insight and being computationally effective. Analytical solutions offer the benefits of
guaranteed convergence, irrespective of grid size, make parametric studies much easier and are therefore helpful
in identifying efficient ways of altering the system to attenuate thermoacoustic oscillations during the design
stage.
The WKB method, named after Wentzel, Kramers, and Brillouin[5], is a technique traditionally used in wave-
mechanics to obtain approximate wave-like solutions for second order differential equations with variable coeffi-
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Figure 1. (Left) Sketch of varying area duct (x1 to x2). A(x), M (x), and T (x) represent the duct cross-sectional
area, flow Mach number and mean-temperature for given x. For the validation test cases, actuation upstream of

the area variation and an anechoic boundary upstream of actuation are considered. (Right) Sketch of conical
duct test-case with inlet & outlet diameters of 250mm, 50mm, and length of 500mm

.

cients. Cummings[6] used a slightly modified WKB method with separate amplitude and phase factors, instead
of asymptotic expansions, to determine the analytical solution for an acoustic field in a uniform area duct with
temperature gradient, but without mean-flow, for sufficiently large frequencies. This approach was later extended
to non-isentropic flows in uniform area duct with temperature gradient and practical mean flow velocities by Li
and Morgans[7]. Although Dokumaci[8] presented a semi-analytical solution for a varying area duct with non-
zero mean flow, using a numerical matrizant method, the limiting frequency criteria were developed for a zero
mean flow case only, leading to lack of clarity at higher Mach numbers. Furthermore, only the lower limiting
frequency criterion was considered; the upper limit beyond which acoustic field becomes two dimensional was
not looked into.
The present study extends the one-dimensional semi-analytical acoustic solution presented by Li and Morgans[7]
for a uniform area duct using the WKB method, to isentropic flows in a duct of varying area as shown in
Fig.1(left). A two step procedure is adopted. Firstly a new differential equation only in terms of acoustic pres-
sure is derived for such a duct for the first time. This is then solved using an adaptive WKB method. Terms
with flow Mach-number of order O(M3) and higher are neglected, a reasonable assumption because combustors
and after-burners sustain low Mach number flows, typically of the order O(0.01) to O(0.2), to maintain flame
attachment.
Further sections are organized as follows, the derivation of the acoustic wave equation and its solution using
a modified WKB approximation technique for isentropic flows is presented in Section 2. Section 3 discusses
the frequency limits which apply to the approximate solution. Section 4 defines the terminology adopted for
transfer functions, and explains the test domain considered in the validation study. Results for the proposed
method against numerically solved linearised Euler equations are presented in Section 5. Conclusions are drawn
in the final Section.

2 ISENTROPIC VARYING AREA FLOWS
2.1 Acoustic wave equation
A flow that is not affected by fluid viscosity, thermal conductivity or heat transfer can be described as an
isentropic flow. Based on principle of linearisation, all flow variables can be separated into a mean time-
averaged component, denoted by ()̄, and a perturbation component, denoted by ()′. The conservation equations
for mass, momentum, and energy in an isentropic flow, linearised in the time domain, were given by Marbel and
Candel[9]. These are converted to the frequency domain by assuming a time-dependance of the form y′ = ŷeiωt
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to the fluctuating quantities, where ω represents the complex angular frequency, and i =
√
−1, as follows,(

iω + γM2 du
dx

)
p̂+u

d p̂
dx

+
1

M2
d p
dx

û+ γ p
dû
dx

= 0 (1)

(
iω +

du
dx

)
û+u

dû
dx

+u
du
dx

p̂
γ p

+
1
ρ

d p̂
dx

=

negligible︷ ︸︸ ︷
u

du
dx

σ̂ ≈ 0 (2)

iωσ̂ +u
dσ̂

dx
= 0 and p = ρRgT ; (3, 4)

where ρ , p, T , u, σ̂ , Rg, denote mean-density, mean-pressure, mean-temperature, mean-axial velocity, entropy
disturbance normalized with specific heat at constant pressure, and universal gas-constant respectively. Rg and
γ (ratio of the specific heats), are assumed to be constants throughout the domain, with values of 287J/kgK and
1.4 respectively.
Normalisation, shown in Eqs.(5,6), is applied to the area and mean-temperature gradients. Notably, these gra-
dients cannot be arbitrary as the net heat-efflux from the system should be zero for an isentropic flow, as given
by Eq.(7). This leads to a relation between the gradients given by, Eq.(8).

α =
1
A

dA
dx

; β =
1
T

dT
dx

, (5, 6)

Q̇ = ρu
(

cp
dT
dx

+u
du
dx

)
= 0 ⇒ β =

αM2 (γ−1)
1−M2 (7, 8)

On time-averaging conservation equations, and using Eq.(8), other mean flow gradients can be expressed as,

1
u

du
dx

=
−α

(1−M2)
;

1
p

d p
dx

=
αγM2

(1−M2)
;

1
ρ

dρ

dx
=

αM2

(1−M2)
;

1
c

dc
dx

=
β

2
=

αM2 (γ−1)
2(1−M2)

; (9, 10, 11, 12)

As the energy equation, Eq.(3), doesn’t have a source-term, the entropy disturbance at the inlet is simply
convected through the nozzle, its magnitude unchanged. The communication between the acoustic field and
entropy, as implied by term on right hand side of momentum equation Eq.(2), is of order O(M2)[10]. Acoustic-
entropy coupling is then neglected in this analysis, since the flow Mach number is low downstream of the flame.
By dividing Eq.(1) by γ p, and Eq.(2) by u, coefficients of dû/dx are normalized in both equations, and the
equations become synonymous with Eq.(13 & 14). Now these equations are subtracted so that û is explicitly
written in terms of p̂ and d p̂/dx, as shown in Eq.(15).

Ap̂+B
d p̂
dx

+Cû+
dû
dx

= 0; Dp̂+E
d p̂
dx

+Fû+
dû
dx

= 0 (13, 14)

where the coefficients A,B,C,D,E,F are functions of space coordinate, x, and wavenumber, ko. Also,

û = Gp̂+H
d p̂
dx

, where G =

(
D−A
C−F

)
and H =

(
E−B
C−F

)
(15)

Eq.(15) and it’s differential with x can replace û and dû/dx of Eq.(13), in terms of p̂. On neglecting terms of
order higher than M2 and using relations Eq.(9) to Eq.(12), an O.D.E only in terms of p̂ is obtained,(

1−M2 +
2αM
iko

)
d2 p̂
dx2 −

(
2iMko−α +2αM2− 2M

iko

dα

dx

)
d p̂
dx

+

(
ko

2 +3α
2M2−3M2 dα

dx

)
p̂ = 0 (16)
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To summarize, Eq.(16) is the differential equation for the acoustic pressure disturbance, applying to isentropic
flow in a varying-area duct. The assumptions upon which it is based are: (a) |ko|2 >> |αM|2, (b) neglecting
terms of O(M3) and higher, (c) constant gas properties γ , Rg throughout the flow domain, (d) weak acoustic-
entropy coupling. The above equation can readily be verified for simpler cases of no mean flow, or uniform
area duct. When both of these apply, the classic one-dimensional Helmholtz equation is recovered.

2.2 Semi-analytical solution using adaptive WKB method
The adaptive WKB technique used by Li and Morgans[7] is extended to a varying-area duct with isentropic
mean flow by expressing pressure perturbation as,

p̂ = Iexp
(∫ x

x1

(a+ ib)dx
)

(17)

where, I is an arbitrary constant, a and b are two real x-dependant variables that are determined using O.D.E,
Eq.(16). The obtained acoustic field solution can be represented in terms of upstream and downstream propa-
gating waves at high frequencies, i.e. where the length scale over which the area change occurs is larger than
the length scale of acoustics. As the imaginary part of wave-number, ko, is typically much smaller than the real
part in thermo-acoustic systems[11], ko is considered to be real. Upon substituting Eq.(17) into Eq. (16) and
equating real and imaginary parts to zero, a solution for a and b is obtained. Firstly upon equating the real part
to zero, we arrive at Eq.(18),

ko
2−b2 (1−M2)+2Mkob+2Mkob

(
2aα

ko
2 +

1
ko

2
dα

dx

)
+

(
a2 +

da
dx

+aα

)
= O

(
M2) (18)

When the frequency is sufficiently large, a crucial requirement for validity of the WKB method, b, which is of
order ko, is therefore much larger than a, terms with ko in the denominator, and terms of order M2. Hence terms
1, 2, and those of O(M2) in Eq.(19) are neglected. These assumptions are further dealt with while discussing
low frequency limits in Section 3.

∴ b2 ≈ k2
o >>

Term 1︷ ︸︸ ︷(
a2 +

da
dx

+aα

)
+

Term 2︷ ︸︸ ︷(
2Mkob

(
2aα

ko
2 +

1
ko

2
dα

dx

))
+O

(
M2) (19)

For acoustic systems that satisfy Eq.(19), Eq.(18) would take the form of a simple quadratic equation in b.

ko
2−b2(1−M2)+2Mkob≈ 0 (20)

Now with possible solutions as, b+ = −ko/(1+M), and b− = ko/(1−M), respective a± values can be deter-
mined by equating the imaginary part to zero,

2ab
(
1−M2)−2aMko +

(
1−M2) db

dx
+

2αM
ko

b2 +αb
(
1−2M2)−

Negligible︷ ︸︸ ︷(
2aM

ko

dα

dx
− 2αM

ko

da
dx

)
= O

(
M2) (21)

Terms with ko in the denominator of Eq.(21) and those of the order M2 and above are small in magnitude as
compared to other terms, hence neglected. Thus we obtain,

a± =−α

2
±αM+

αM2 (γ−3)
4

(22)

Results for a and b are substituted into Eq.(17) and using superposition, the overall analytical solution can be
expressed as sum of the two simplified solutions,

p̂(x,ω) =C1
+P1

+ (x,ω)+C1
−P1

− (x,ω) (23)
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with
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8
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∓iω

∫ x
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)
(24)

where, C1
+ and C1

− are constants that can be determined using boundary conditions, M1 represents the Mach-
number of the flow and A1 is area of the nozzle, both at inlet (x = x1).
The velocity perturbation, û, is determined from Eq.(15), and can be written as,

û(x,ω) =
1

ρc

(
B+

1 C+
1 P+

1 −B−1 C−1 P−1
)

(25)

where,

B±1 =
1

iko (1−M2)−2αM

[
iko
(
1−M2)± α

2
−αM∓ αM2 (γ−3)

4

]
(26)

3 VALIDATION TEST-CASE
The accuracy of the semi-analytical solution is evaluated by applying it to the test-case shown in Fig.1(Right),
which consists of a conical converging-area duct. For the WKB method, the frequency must be “high”, yet the
acoustic field must remain 1-D, meaning that the frequency must not reach such high values that higher order
acoustic modes, for example circumferential or radial modes, become cut-on. Thus the frequency must lie in an
intermediate range, high enough for WKB-method validity yet low enough for the acoustic field to remain 1-D.

3.1 Lower frequency limit
For a uniform mean-flow, in the absence of temperature and area gradients, the strengths of the upstream
and downstream propagating waves are uncoupled. Coupling of these wave strengths mainly arises due to the
temperature and area gradients along the flow[8]. The flow Mach number distribution that results from these
gradients, as a function of x, has only a secondary contribution to the coupling of wave components.
The lower frequency limit, or decoupling criterion, for acoustics in a varying-area duct with temperature gradi-
ent, is framed from the terms that are neglected in Eq.(19), while approximating the wave strengths as inde-
pendent. Using a± given by Eq.(22) and neglecting terms of order O(M2) and higher we get,

⇒ b≈ ko >>

√∣∣∣∣−α2

4
− 1

2
dα

dx
±α2M∓M

dα

dx

∣∣∣∣+O(M2) (27)

For a conical duct geometry, the radius changes linearly with x, thus dα/dx =−α2/2. Hence Eq.(27) becomes,

ko >>

√
3α2M

2
+O(M2) (28)

Numerically this criterion is not as severe as for other geometries, for example in an exponential area change
case ko >>

√
|α +O(M)| would be the limit. For the current test-case as shown in Fig.1(Right), the frequency

limit determined from Eq.(28), at the outlet for a flow Mach-number of 0.5 is approximately f ∗l >> 465Hz .

3.2 Higher frequency limit
The frequency at which the first non-axial modes occur in a conical section sets the high frequency limit, and
is given by,

f ∗h =
0.293cx

rx
(29)
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where, cx and rx are local speed of sound and radius of the duct, respectively. Considering the test case inlet
diameter, shown in Fig.1(Right), the first higher order mode occurs at f ∗h ≈ 1880Hz and so the acoustic field
frequency should be less than f ∗h .

3.3 Setting initial conditions and defining transfer functions
At the duct inlet, x1, of Fig.1(Right), we enforce an acoustic impedance condition by specifying the relation
between the pressure perturbation, p̂1, and velocity perturbation, û1, as given by, p̂1 = ρ1 c1Z1û1, where Z1 rep-
resents the non-dimensional acoustic impedance at the inlet. Dowling’s method[12] is adopted in which acoustic
waves are considered to have not reached the boundary at the outlet, x2, (semi-infinite acoustic boundary). Thus
for a prescribed/enforced frequency, the eigenvalue problem is converted into an initial value problem. This
facilitates numerical solution, allowing higher-order schemes, like 4th order Runge-Kutta, to be readily imple-
mented, and also facilitates comparison of the full frequency response with models. Transfer functions which
capture the axial evolution of the field are used, the same as those considered in [7], given by,

Fp (x, f ) =
p̂(x, f )

ρ1c1û1 ( f )
; Fu (x, f ) =

û(x, f )
û1 ( f )

(30, 31)

4 RESULTS
The proposed analytical solution is used to predict the acoustic field for the test geometry of Fig.1(Right), across
two different flow Mach numbers and two different frequencies. The magnitude of the normalised area gradient,
α , given by Eq.(5), changes from 2.5 at the inlet to 6 at outlet for this geometry. Frequencies of 1600Hz and
1040Hz are chosen as they satisfy both Eq.(28) and Eq.(29) for the range of flow Mach numbers considered.
In Fig.2, results are presented for an inlet flow Mach number M1 = 0.005, corresponding to an outlet Mach
number of 0.03. As discussed in Section 3, when the flow Mach number is very low, the decoupling criterion
limit given by Eq.(28) approaches zero, making the final result exact.
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Figure 2. Evolution of Fp and Fu with x. T 1 = 1600 K, M1 = 0.005, M2 = 0.03, f = 1600Hz, and Z1 = -1.
(Top left): transfer function gain |Fp|, (Bottom left): transfer function phase ∠Fp,

(Top right): transfer function gain |Fu|, (Bottom right): transfer function phase ∠Fu.

When the inlet flow Mach number is increased to 0.07, the corresponding outlet Mach number is 0.51. The
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results for this case, shown in Fig.3, confirm that that the analytical solution accurately matches the 2LEE
solution, with very small deviations only towards the exit, due to higher flow Mach numbers and α values in
this regime. Predictions for the same Mach number profile, but at a reduced frequency of 1040Hz is presented
in Fig.4, with the solution remaining accurate.
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Figure 3. Evolution of Fp and Fu with x. T 1 = 1600 K, M1 = 0.07, M2 = 0.51, f = 1600Hz, and Z1 = -1.
(Top left): transfer function gain |Fp|, (Bottom left): transfer function phase ∠Fp,

(Top right): transfer function gain |Fu|, (Bottom right): transfer function phase ∠Fu.
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Figure 4. Evolution of Fp and Fu with x. T 1 = 1600 K, M1 = 0.07, M2 = 0.51, f = 1040Hz, and Z1 = -1.
(Top left): transfer function gain |Fp|, (Bottom left): transfer function phase ∠Fp,

(Top right): transfer function gain |Fu|, (Bottom right): transfer function phase ∠Fu.

5639



5 CONCLUSIONS
This paper presents an analytical solution for one-dimensional acoustic field in a varying area duct sustaining an
isentropic mean flow along with temperature gradients. An acoustic wave equation is derived from the linearised
conservation equations by neglecting acoustic-entropy coupling, and higher order flow Mach number terms. This
second order ODE in terms of acoustic pressure is solved using an adaptive WKB method, which assumes a
wave like solution with separate amplitude and phase factors. The final solution thus obtained is a superposition
of upstream and downstream propagating waves and is computationally easy to evaluate. The frequency regime
within which the proposed solution works accurately is also derived, needing to be high enough for WKB-
method validity but low enough for a 1-D acoustic field. By applying the proposed analytical solution to a
conical converging duct, it was shown that even for flow Mach numbers of around 0.5, the acoustic field is
captured accurately and is comparable to the 2LEE numerical solution when the frequency criteria are satisfied.
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1. INTRODUCTION

People with normal hearing thresholds can nonetheless experience difficulty with understanding
speech  in  noisy  backgrounds.  Indeed,  5-10  %  of  the  patients  seeking  audiological  treatment
complain of speech-in-noise (SIN) understanding besides having normal audiograms (1) . A potential
source  of  such  supra-threshold  hearing  deficits  is  cochlear  synaptopathy,  the  loss  of  synaptic
connection between the hair cells in the inner ear and the auditory-nerve fibers, which presumably
leads  to  a  degraded  neural  encoding  of  the  speech  signal  compromising  speech  in  noise
comprehension  (2).  Furthermore,  central  auditory  processing  disorders  and  cognitive  deficits
affecting attention, memory or language can also be responsible for speech-in-noise deficits. 

Auditory-brainstem  responses  to  clicks  are  used  clinically  to  assess  the  functioning  of  the
auditory periphery. The effects of stimulus and recording parameters, and patient factors such as age
and  gender,  on  the  amplitude  and  latency  of  the  click-evoked  brainstem  response  are  well
documented (4,5). The response can inform on different types of hearing impairments, in particular
on sensorineural hearing loss but also on brainstem impairments such as caused by lesions.

To  what  extent  auditory-brainstem  responses  can  inform  on  other  types  of  speech-in-noise
deficits remains, however, debated. Animal studies have shown that cochlear synaptopathy results in
a reduction of wave I of the click-evoked brainstem response (6–8) , as well as in changes in other
brainstem  measures  such  as  a  latency  shift  of  wave  V  with  level  of  background  noise  and  the
amplitude  of  envelope-following  responses  (11–13).  To  which  extent  these  findings  translate  to
humans  is,  however,  unclear:  studies  on  human  volunteers  have  produced  conflicting  results
regarding the correlation of such brainstem measures with a putative cochlear synaptopathy as well
as with speech-in-noise comprehension (11–17).

We  recently  proposed  a  method  for  measuring  the  brainstem  response  at  the  fundamental
frequency  of  continuous  speech.  Furthermore,  we  demonstrated  that  this  brainstem  response  is
modulated by selective attention to one of two competing speakers, evidencing a neural mechanism
that contributes to listening in noisy backgrounds. However, we also observed significant variability
in the brainstem response to speech, as well as in its attentional modulation, among our volunteers
(3).  Because of  the involvement of  the brainstem response to  speech in  speech processing and in
attention to speech in noise, deficiencies in the response may indicate speech-in-noise deficits. Here
we  therefore  seek  to  quantify  the  variability  in  different  aspects  of  the  speech-evoked  auditory-
brainstem response.

2. METHODS

2.1 Brainstem response to speech and selective attention

To measure the brainstem response to speech as well as its attentional modulation we followed
our recently developed procedure (3). In brief, we employed empirical mode decomposition (EMD)
of  the  speech  stimuli  to  extract  a  “fundamental  waveform”  of  the  speech  signal  (3,27) .  The
fundamental  waveform oscillates,  at  each  time point,  at  the fundamental  frequency of  the speech
signal,  with  a  corresponding  amplitude.  We  then  recorded  the  brainstem  response  to  continuous
speech  from  scalp  electrodes  placed  at  the  vertex,  Cz,  as  well  as  the  mastoids.   The  brainstem
response  to  speech can be quantified  through computing  the cross-correlation of  the fundamental
waveform, as well as its Hilbert transform, with the scalp recordings. The resulting complex cross-
correlation  can  be  characterized  in  terms  of  its  amplitude  and  latency.  We  measured  brainstem
responses from 37 volunteers that had no hearing impairment.
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We studied the response to a single-talker male speaker, as well as to two competing speakers,
one male and one female. All stimuli were presented diotically. The stimulation with two competing
voices allowed us to assess the modulation of the brainstem response by selective attention (28) . For
half  of  the  corresponding  stimuli,  participants  attended  the  male  voice,  and  vice  versa  for  the
remaining parts.  We computed the attentional  modulation as the relative difference in attended to
ignored conditions for the male voice.

3. RESULTS

3.1 Variability in speech-evoked brainstem activity and in selective attention modulation

We  observed  considerable  variability  in  the  brainstem  response  to  speech  as  well  as  in  its
modulation by selective attention among the different participants. The brainstem responses of three
exemplary subjects are shown in Figure 1. One subject exhibits a strong brainstem response with a
signal-to-noise ratio (SNR) of 18 dB (Figure 1A), the second subject has a medium response (SNR
of 14 dB, Figure 1B), and the brainstem response of the third subject is barely measurable (SNR of 4
dB, Figure 1C). 

Confirming the results from our previous study we found brainstem responses to speech in quiet
at a mean latency of 8.5 ± 0.4 ms, evidencing a subcortical origin of the response (3). Nevertheless,
we  observed  a  significant  between-subject  variation  of  this  response.  In  particular,  the  latency
(Figure  2A)  and  amplitude  (Figure  2B)  of  the  brainstem  response  to  speech  in  quiet  varied
considerably  among  the  participants.  The  coefficient  of  variation  (CV)  was   29%  and  46%,
respectively.  

We further computed the noise floor of the recordings for each participant (gray horizontal areas
Figure  1A-C  and  Figure  2C).  A  null  model  was  computed  by  cross-correlating  the  brainstem
response to the fundamental waveform of a different story that had not been heard. The noise floor
was  determined  as  the  80th  percentile  of  the  complex  cross-correlation  in  the  noise  model,  for
latencies from -100 ms to 100 ms. Both the noise floor and the SNR of the responses,  computed
using the peak amplitude as the signal, exhibited a large variance as well (Figure 2C&D; CV: 12%
and 36%, respectively). However, the noise level was not correlated with the peak amplitude of the
responses (p = 0.12). 

Figure 1 – Brainstem response to speech in quiet (grey) as well as to two competing speakers, namely for

the attended voice (dark blue) and for the ignored voice (light blue). We show the brainstem responses of

three representative subjects, one with a high SNR (A), one with a medium SNR (B), and one with a low

SNR (C). The peak amplitude of the brainstem response to speech in quiet is labeled by a red marker, and

the noise floor is marked in grey. The range of the latency of the three responses for each subject is

indicated through a vertical grey bar.
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Selective attention can modulate the brainstem response to speech. Confirming the results from
our previous study, we found that selective attention led to a larger response to the attended than to
the ignored speaker (population average). However, we observed large individual differences in the
attentional  modulation.  Indeed,  some  subjects  displayed  the  opposite  modulation,  leading  to
negative  attentional  differences,  which  increased  the  variability  in  the  sample  (CV:  250%).  The
differences  in  attentional  modulation  did  not  result  from the  SNR of  the  responses  as  these  two
variables were not correlated  (p = 0.51).

Figure 2 –   Between-subject variability in different aspects of the brainstem response : latency (A),

amplitude (B), noise-floor (C), SNR (D) and relative attentional modulation (E). Red markers represent the

three representative subjects that are shown in Figure 1: high SNR (triangle), medium SNR (square), and

low SNR (circle).

4. CONCLUSIONS

We studied  the  variability  in  the  brainstem response  to  natural  non-repetitive  running  speech.
Consistent  with  our  previous  study  we  found  a  mean  latency  of  8.5  ±  0.4  ms,  evidencing  a
subcortical  origin  of  the  response.  We  also  found  a  significant  attentional  modulation  of  the
response when participants listened to two competing speakers.

Importantly, we found significant between-subject variation of the amplitude, latency and SNR
of the response, as well as of the selective attention modulation. The variability was comparable to
individual differences in subcortical measures previously reported in cochlear synaptopathy studies
(13,29) and in speech-in-noise reports (30). 

Because the brainstem response to speech is driven by the neural activity in the auditory-nerve
fibers,  variation  in  the  response  may  result  from  impairments  in  the  auditory  periphery  such  as
cochlear  synaptopathy.  In  addition,  since the attentional  modulation of  the brainstem response to
speech  relies  on  neural  feedback  loops  from  the  cerebral  cortex,  variability  in  the  attentional
modulation may have more central  origins. Future studies are  required in  order to assess to what
extent the variability in the speech-evoked brainstem activity and its modulation by attention can be
explained  by  individual  measures  of  peripheral  function  (such  as  those  proposed  for  cochlear
synaptopathy), by more central processing, and whether it may account for differences in speech-in-
noise comprehension. 
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ABSTRACT 
The origins and perceptual consequences of supra-threshold hearing deficits are not well 

understood. Sensory and neural deficits are likely contributors, underlining the need for an objective 
measure which quantifies the neural contributors and complements audiometric measures of sensory 
loss. The envelope-following response (EFR) is sensitive to neural fiber loss in animal models and has 
been proposed as a marker. However, its diagnostic sensitivity in humans and relationship to speech 
intelligibility are still unclear. Here we argue that the relationship between electrophysiological 
measures of temporal coding ability and the performance in speech-in-noise tasks crucially depends on 
the underlying stimulus parameters. We discuss ways in which experimental protocols can be adjusted 
to improve the predictive relationship between electrophysiological measures of temporal coding 
fidelity and behavioral measures of speech intelligibility and test these predictions in a group of young 
normal-hearing, elderly normal-hearing and elderly hearing-impaired participants as groups reflecting 
different degrees of neural or sensory hearing deficits.  
 
Keywords: envelope following response, supra-threshold hearing deficits, speech intelligibility, filtered 
speech 

1. INTRODUCTION 
An important part of the characterization of a person's hearing status is a quantification of their 

ability to understand speech in the presence of background noise. Even though speech audiometry in 
noise gives an accurate representation of one's ability to understand speech, it does not provide 
information about the underlying deficits at play. Additional threshold measures such as the 
audiometric threshold detection and otoacoustic emission measures are routinely used to quantify 
deficits linked to outer-hair-cell loss. However, as speech is usually presented at supra-threshold 
hearing levels, these threshold metrics are not informative about a person's supra-threshold temporal 
coding abilities (1), which are crucial to extract different features from the speech input to ultimately 
make sense of it. 

Animal models have shown that electrophysiological metrics such as the envelope following 
response (EFR) and the auditory brain stem response (ABR) are able to capture facets of temporal 
coding deficits. The EFR (e.g. 2) measures the phase-locked neural response of the brain to the 
stimulus envelope and shows, depending on the stimulus material, characteristic peaks coinciding with 
the modulation frequency and its harmonics in the frequency-domain response of an EEG recording 
using a standard electrode configuration (e.g. vertex vs. ear-lobe reference). The ABR is a 
transient-evoked response (3,4) elicited by a click or tone burst. However, the translation of the 
EFR/ABR findings to humans has proven difficult due to species-dependent differences and large 
inter-individual differences in human cohorts. The available literature has so far shown mixed results 
regarding the applicability of these electrophysiological measures for the objective quantification of 
supra-threshold hearing deficits in humans (5). 

Especially the EFR, as a measure of temporal coding ability in the early auditory pathway, should 
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present a strong relation to the ability to understand speech when presented in difficult listening 
environments (6). Nevertheless, many studies that have investigated the relationship between the EFR 
or ABR with measures of speech intelligibility did not show any consistent relationships (e.g. 7–9). It 
was therefore often concluded that these EEG measure offer limited sensitivity to supra-threshold 
hearing deficits (see (10) for a review on the topic) even though there are examples where empirical 
findings were consistent with theoretical considerations (e.g. 1,11,12). 

Here we argue that the relationship between electrophysiological measures of temporal coding 
ability and the performance in speech-in-noise tasks crucially depends on the stimulus characteristics.  
We discuss ways in which experimental protocols can be adapted to improve the relationship between 
electrophysiological measures of temporal coding fidelity and behavioral measures of speech 
intelligibility. 

2. RESULTS & DISCUSSION 
The ability to make sense of speech, crucially relies on the extraction of speech features such as the 

fast fluctuations in the fine structure (TFS) or the much lower and globally varying envelope of the 
speech signal (ENV). As fine structure information are predominantly extracted from low frequency 
regions (< 1 kHz, (13)) and envelope coding takes place at higher frequency regions (14), the dominant 
features used for speech extraction thereby seem to strongly depend on the available frequency content 
of the speech signal. 

As temporal coding abilities degrade with advanced age and/or exposure to noise, the relative 
contributions of different features of speech facilitating speech intelligibility might therefore also vary 
between young normal-hearing, older normal-hearing and clinical populations with sensorineural 
hearing loss. In this context it is also important to consider that hearing loss classica lly affects the 
basal part of the cochlear, predominantly processing the high frequency content of the speech.  

Most stimulus paradigms for speech intelligibility assessment use broadband speech material to 
represent natural speech encountered in everyday life. On the other hand, the corresponding stimulus 
material used to evoke the EFR mostly consist of either a pure tone carrier at frequencies around 4 kHz 
or a broadband white noise carrier. These carriers are afterwards amplitude-modulated using 
modulation frequencies in the 80-120 Hz range and presented to the subject over earphones. The 
individual strength of the EFR peak is an objective measure of temporal coding and is typically 
compared to a speech intelligibility metric (e.g., speech reception threshold, SRT) to understand the 
contribution of temporal coding deficits to speech intelligibility. The interpretation of the EFR vs. SRT 
comparison constitutes the following problems: i) temporal coding ability of a narrow portion of the 
cochlea (in the case of a pure-tone EFR) is compared with the intelligibility of a broadband speech 
stimulus, ii) the envelope coding performance of the whole cochlea (in the case of a broadband EFR) 
is compared to the intelligibility of broadband speech which might depend on many different features 
of speech (e.g., TFS) and not only the envelope information as measured by the EFR. These 
comparisons therefore either lead to a mismatch of frequency content and/or mismatch of underlying 
mechanism at play. We therefore argue that these comparisons likely compare 'apples and pears' and 
that it is not surprising that measures do not show any kind of consistent relationship. 

To overcome these mismatches and to strengthen the relationship between these metrics, we 
suggest the use of a frequency-specific carrier signal within a frequency region know to use envelope 
information (e.g. 4 kHz) and compare these to the speech intelligibility performance of a filtered 
speech signal (e.g. > 1.6 kHz) (15). We argue that the underlying mechanisms of the metrics computed 
in the afore mentioned way will be comparable and therefore yield much stronger relationships 
compared to classically employed stimulus paradigms. 

To explore the variables in the relationship between EFRs and speech intel ligibility, we conducted 
a study which investigated the match and mismatch between EFR and speech intelligibility measures 
in a cohort of young normal-hearing, elderly normal-hearing and elderly hearing-impaired participants. 
Our results confirm that the relationship between both metrics grows stronger as the frequency content 
of both stimuli match the regions of suspected envelope coding, showing the highest correlations for 
high-pass filtered speech with a 120 Hz amplitude-modulated 4 kHz pure tone carrier. 
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3. CONCLUSIONS 
Our results support the underlying assumptions that the mixed results found in literature between 

objective supra-threshold electrophysiological measures of temporal coding and the behavioral  
measures of speech-in-noise tasks (e.g. 7–9) are likely due to the mismatch of underlying frequency 
content and/or coding mechanisms at play. We provide evidence that the manipulation of both speech 
and AM-stimuli towards better matching the frequency content and coding mechanism will yield 
significant relationships between the metrics in agreement with theoretical considerations. A detailed 
account of the results of our work will be presented in our talk at the ICA 2019. 
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ABSTRACT 
Electroencephalography (EEG) is a popular technique for deriving objective measures of auditory function 
due to its sensitivity to fine details of auditory processing, its high temporal precision, and its applicability 
across a wide range of participant groups with low testing burden. I will discuss the suitability of a specific 
EEG measure as a tool for objectively studying the perceptual segregation of concurrent sound sources: 
namely the object-related negativity (ORN) component of the event-related brain potential (ERP). The 
ORN component was introduced by Alain and colleagues almost twenty years ago to reflect the perceptual 
segregation of simultaneous sounds. I will show recent ORN results from healthy young adults and from 
elderly listeners with slight hearing impairment, indicating high sensitivity of the ORN at group level. I will 
extend these results towards the question whether ORN is sensitive enough to measure sound segregation 
abilities at single-subject level. Based on detailed correlation analyses between ORN measurements and 
perceptual judgments in young and elderly listeners, I will point out promises but also caveats in using the 
ORN for individual diagnostics of auditory function. 
 
Keywords: sound source separation, electroencephalography (EEG), diagnostics 

1. INTRODUCTION 
Humans show inter- and intraindividual differences in their auditory processing skills, just like in 

any other ability. Diagnostic tools for assessing individual auditory processing abilities are valuable 
in various application scenarios, be it for selecting particularly adept persons as sound engineers or 
for quantifying the need – and then the success – of providing treatment opportunities (e.g., hearing 
aids or cochlear implants) to those whose auditory processing abilities fall short of healthy hearing. 

An individual’s ability to process sounds can be probed at great detail with psychophysical 
methods. These psychophysical methods can be categorized along various dimensions, including: 

• the aspect of auditory processing they target (threshold measurements, supra-threshold 
comprehension, sound source separation / auditory scene analysis, etc.), 

• their efficiency (with adaptive or staircase procedures being more efficient than classical 
constant-stimulus procedures), 

• their objectivity. The objectivity term is used somewhat differently across disciplines. 
In psychophysics, a subjective method is one where only the listener knows the correct answer: A 

typical question is “Did you hear a sound?”, with the listener replying “Yes” or “No”, and with a 
sound always present. With settings of this type, listeners can pretend to hear better (or worse) than 
they actually do; and even if the listener has the intent to answer as honestly as possible, the answer 
will depend on their response criterion (put simply, on their tendency to say “Yes” or “No” when the 
sensory evidence is ambiguous). To overcome such subjective influences that are unrelated to 
hearing ability per se, objective psychophysical measurement techniques have been developed. In 
so-called criterion-free measurements, the experimenter knows the correct answer and hence can 
validate the listener’s response: A typical question is “Was this sound high or low?” The key point of 
such objective measurement approaches is that a false response is clearly indicative of the listener 
not having heard the sound, while a correct response is indicative of successful hearing after 
correction for the guess rate. Alternatively, the question might remain “Did you hear a sound?”, but 
with the twist that no sound is present on some trials (so-called catch trials). In this case, the 
listener’s response criterion can be estimated from the distribution of “Yes” and “No” responses 
                                                        
1 alexandra.bendixen@physik.tu-chemnitz.de 
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across trials with and without sound presentation based on signal detection theory (1). Pure-tone 
audiometry is still partly based on subjective measurements, whereas modern speech comprehension 
tests usually employ objective criterion-free measurements (2). Both use staircase procedures 
nowadays to render testing more efficient and more accurate at the same time. 

Besides subjective and objective psychophysical measurements, a third way of assessing sound 
processing abilities is the use of psychophysiological measurements such as otoacoustic emissions, 
eyetracking/pupillometry, or electroencephalography (EEG). These measurements have in common 
that they no longer require an overt response by the listener, as they infer auditory processing 
abilities from physiological responses to certain sounds. Some authors reserve the term “objective” 
exclusively for these techniques (3), which is important to acknowledge to avoid terminological 
confusion across different disciplines. The notion that a physiological measurement is more objective 
than any psychophysical one mainly stems from the worry that involving listener responses 
confounds the test result with factors unrelated to hearing ability. Yet a criterion-free psychophysical 
measurement largely alleviates this problem because “faking good” is impossible since responses can 
be validated, and “faking bad” is unlikely as it requires a fair amount of knowledge about the testing 
procedure. Some other factors affecting behavioral responses, such as the amount of attention 
devoted to the sounds or the task, affect psychophysical and psychophysiological responses alike – at 
least those psychophysiological responses that are more remote from the initial sensory transduction, 
such as eye movements and EEG responses elicited by sounds (4).  

Nevertheless, for some questions there are undisputable advantages of psychophysiological over 
(even objective) psychophysical measurements. One of these advantages is the applicability to a 
range of contexts in which measurements requiring a response by the listener are impossible: Either 
because the ability to respond is temporarily unavailable (e.g., during sleep or anesthesia), or 
because it is restricted for longer periods of time (e.g., in neonates or coma patients). Another 
advantage of psychophysiological measurements lies in the fact that they can assess auditory 
processing outside the focus of the listener’s attention, which greatly reduces the testing burden: 
Ideally, the listener can engage in an enjoyable activity like watching a sub-titled movie or reading a 
book (5), while their auditory processing abilities are assessed in the background. This opportunity 
could be a great relief to hearing-aid or cochlear-implant patients, who otherwise would have to 
participate in lengthy fitting sessions that involve performing the same listening task over and over 
again – which can be heavily frustrating for those who are hard of hearing. 

Psychophysiological measurements thus have the potential to facilitate auditory diagnostics in a 
variety of listeners, ranging from sleeping neonates (6) to listeners with severe degrees of hearing 
impairment for which behavioral testing would present too much of a burden (7). The remainder of 
this paper focuses on diagnosing higher auditory processing abilities on the basis of EEG, and more 
specifically, on event-related brain potentials (ERPs) extracted from the listener’s continuous EEG 
recording. ERPs are popular measures of auditory function due to their sensitivity to fine details of 
auditory processing, their high temporal precision, and their applicability across a wide range of 
participant groups with low testing burden. 

2. AUDITORY CORTICAL EVENT-RELATED BRAIN POTENTIALS 
Auditory ERPs are elicited in response to above-threshold sounds. They are usually uncovered by 

averaging EEG epochs across a certain number (on the order of 100) of stimulus presentations to 
remove high-amplitude spontaneous brain activity. When adequate signal-to-noise ratio has been 
reached, ERPs show a characteristic series of deflections, some of which can be directly mapped to 
stages of auditory function (8). For instance, the brainstem-evoked potentials (auditory brainstem 
responses, ABRs) and middle-latency responses (MLRs) reflect the bottom-up flow of information 
through different subcortical and thalamocortical processing stages along the auditory pathway, as 
well as their modulation by top-down information. Of particular interest for the present work are 
auditory long-latency responses (LLRs) reflecting auditory information processing in the cortex. 

Several long-latency ERP components have been identified that correlate with abilities involved 
in sound processing. For the present purposes, those ERP components that are elicited automatically 
(i.e., without any need for the listener to pay attention to the sounds or perform a task on them) are of 
greatest interest, because they exploit the full potential of psychophysiological measurements – 
studying listeners who are not able to give behavioral responses, and reducing the testing burden for 
any listener. Besides the obligatory sensory ERP components P1/P50 and N1, the bulk of work on 
“automatic” auditory cortical ERPs has employed the mismatch negativity (MMN) component. 
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MMN is elicited when the auditory system detects an unexpected sound – usually a rare sound 
amongst a series of frequent sounds (9). This, in turn, can be used to probe the listener’s ability to 
make certain acoustic distinctions, since detecting the rarity of a sound is only possible if the listener 
can perceive the difference between rare and frequent sounds. Depending on the attribute defining 
the rarity, MMN can be employed to probe the listener’s accuracy in physical feature discrimination, 
their ability to extract complex regularities (patterns) between successive sounds, or their sequential 
auditory scene analysis abilities in situations with more than two putative sound streams. These 
wide-spread options, together with its ease of application, have made the MMN component a popular 
tool for tapping into auditory processing. A large body of work is now available showing the utility 
of MMN-based measurements across a wide range of research questions at group level (e.g., 6, 7, 
10,11). There are also many successful extensions to diagnostic questions at single-subject level (e.g., 
3, 12). One remaining challenge of MMN-based diagnostics is the small amplitude of the component, 
requiring a large number of trials to achieve sufficient signal-to-noise ratio. This poses a particular 
challenge because MMN paradigms crucially depend on the rarity of the eliciting stimulus: 
increasing the frequency of the rare stimulus unavoidably reduces MMN amplitude. The optimum 
frequency has been estimated at 8-10% (13), leading to the requirement to present ten times more 
stimuli than the one of interest. One important optimization of the MMN paradigm involves 
presenting many different types of physical feature changes in one sequence (14), which makes the 
paradigm much more efficient – yet it does not affect the challenge that the overall frequency of each 
physical feature change should not exceed 10%. Hence long data collection times are required.  

Almost twenty years ago, the work by Claude Alain and colleagues (15) has brought another 
auditory ERP component onto the picture: the so-called object-related negativity (ORN). The ORN 
component is elicited when simultaneous sounds are perceived as originating from two separate 
sound sources. This perceptual process is called concurrent sound segregation, and the ORN reflects 
either the process itself or its result: the perception of two or more sounds in a mixture. The ORN 
inherited its name (i.e., object-related negativity) from the fact that the decomposition of a sound 
mixture into its constituent parts is also called auditory object formation.  

Unlike the MMN, the ORN is largely independent of the eliciting event’s probability (16, but see 
17). Surprisingly, compared to the MMN, the ORN has received a considerably smaller amount of 
research attention; in fact, its potential as a diagnostic tool of auditory function might be greatly 
underestimated. The remainder of this paper discusses the suitability of the ORN as a tool for 
objectively studying the perceptual segregation of concurrent sound sources at group level as well as 
at single-subject level (i.e., for individual diagnostics). 

3. EMPIRICAL WORK ON ORN & CONCURRENT SOUND SEGREGATION 

3.1 ORN-based measurements at group level 
Alain and colleagues introduced the ORN as an ERP correlate of concurrent sound segregation 

(15). ORN is elicited by many different cues inducing perceptual segregation of simultaneous sounds 
such as inharmonicity (15), dichotic pitch (16), simulated echo (18), differences or discontinuities in 
location (19), and onset asynchrony (20, 21, see Figure 1).  

 

 
Figure 1 – Stimulus (left) and ORN results (right) of sound segregation based on onset asynchrony 
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For instance, a study in our lab (21) investigated the segregation of simultaneous sounds based on 
small amounts of onset asynchrony between them. Harmonic tone complexes were presented with the 
second partial being delayed within a range of 0 to 100 ms. This mimics the fact that even when two 
independent sound sources emit sounds concurrently, it hardly ever happens that they start producing 
sounds at exactly the same time. The processing of onset asynchrony as a cue for concurrent sound 
segregation was compared between young, normal-hearing listeners (N=20, Æ26 years) and elderly 
listeners with mild hearing impairment (N=18, Æ65 years).  

Stimulus configuration and ORN results are displayed in Figure 1. ORN was calculated by 
subtracting ERPs elicited by stimuli without onset asynchrony from those with onset asynchrony. 
Similar to the better-known MMN, the ORN presents as a frontocentral negativity with polarity 
inversion at the mastoid electrodes when nose reference is used. This is consistent with generators in 
the auditory cortex (15, 22). ORN latency, amplitude, and topography were all highly similar in the 
two age groups, as displayed on Figure 1 for the highest amount of onset asynchrony that was 
investigated – the same was true for all other levels of onset asynchrony as well. ORN amplitude 
increased with onset asynchrony (p<.001) independently of age group. Figure 2 illustrates this for 
ORN amplitude at a frontocentral electrode (Fz) and at the average of the mastoid electrodes (CM). 
The apparent similarity and statistical indistinguishability of the two age groups suggests that 
concurrent sound segregation by onset asynchrony is preserved in healthy auditory aging (21).  

 

Figure 2 – ORN amplitude as a function of group and onset asynchrony at Fz and Common Mastoids (CM) 
 
These results were confirmed in an independent study on new samples of young and elderly 

listeners, using speech sounds rather than complex tones, with the same manipulation of onset 
asynchrony (23). Again, both age groups benefitted to a similar extent from using onset asynchrony 
for concurrent sound segregation. This contrasts other segregation cues like inharmonicity, whose 
use has been shown to decline with age (24). Such findings are informative for models of concurrent 
sound segregation, for hearing training programs, and for hearing aid design. 

Regarding the core conclusion that the ability to segregate concurrent sounds by onset asynchrony 
is relatively preserved in older listeners, in both studies (21, 23) the ORN results obtained during 
passive listening were well in line with the results of psychophysical testing during active listening. 
For the harmonic tone complexes displayed in Figure 1, active listening consisted in a threshold 
measurement regarding the sound level at which the delayed partial must be presented for the listener 
to hear two concurrent sounds. Elderly listeners showed generally lower performance in this task, 
which was evident in the condition without onset asynchrony and was carried through all conditions 
with onset asynchrony. Importantly, the elderly listeners’ performance increase across the different 
onset asynchrony levels was identical to that of the young listeners. This corresponds to ORN 
amplitudes being indistinguishable between the age groups, since ORN directly reflects the 
difference of conditions with versus without onset asynchrony. This correspondence of EEG and 
behavioral data suggests that the ORN component is a valuable tool to complement or even replace 
psychophysical testing in cases where behavioral measurements are impossible or present too much 
of a burden. The successful application of ORN for group-level investigations naturally leads to the 
question whether it might be suitable for individual diagnostics. An extension to the purposes of 
individual diagnostics, however, requires revisiting the results at the single-subject level. 
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3.2 ORN-based measurements at single-subject level 
Similar to the onset asynchrony study shown in Section 3.1 (21), group-level investigations have 

demonstrated that the ORN is elicited by a great variety of cues inducing concurrent sound 
segregation (15, 16, 18, 19, 20). In turn, the ORN could be used to measure the integrity of the 
processing of each of these cues in the auditory system of an individual listener for diagnostic 
purposes. This possibility has been explored in some studies regarding age-related changes (25), 
effects of musicianship (26), and changes in auditory processing of persons diagnosed with 
autism-spectrum disorder (27). In contrast, it has not received much attention as an auxiliary 
diagnostic tool for listeners with hearing loss, such as for fitting or follow-up success control of 
hearing aids or cochlear implants – MMN seems to be considered the key EEG indicator in those 
cases (28). Similar to the MMN, ORN can be recorded outside the focus of attention and thus offers a 
low-burden measurement for individual patients. It also lends itself towards investigations in 
populations in which behavioral testing is difficult or impossible, such as in pre-verbal infants.  

Yet the transition from the group level to the individual level requires careful examination of 
several prerequisites: Is the ORN sensitive enough to measure sound segregation abilities at the level 
of a single listener? Does it show adequate test-retest reliability? Does the strong relation between 
the amount of physical feature change and the ORN amplitude (Figure 2) hold at the individual 
level? Do single-subject ORN amplitudes correlate highly with behavioral testing scores, such that it 
is feasible to replace psychophysical with psychophysiological measurements in this case? 

We were able to address some of these questions in our study outlined in Section 3.1 on 
onset-asynchrony-based segregation of concurrent sounds in young and elderly adults (21). Figure 3 
shows the results of correlation analyses between psychophysiological data (ORN amplitude; with 
more negative values indicating better processing of the cue) and psychophysical data (behavioral 
threshold improvement for hearing the delayed partial; again with more negative values indicating 
better performance). 

 

 
Figure 3 – Relation of EEG and behavioral data within listeners (left) and across listeners (right) 

 
The left panel of Figure 3 shows a scatter plot of the group-level relation between ORN amplitude 

at Fz and behavioral threshold improvement within listeners, separately for each age group (young in 
green, elderly in orange). ORN amplitude and behavioral threshold improvement were averaged 
across listeners separately for each onset asynchrony level, yielding six scores (10/20/40/60/80/100 
ms) for each of the two measures (behavioral threshold improvement/ORN amplitude). Each circle 
thus indicates one onset asynchrony condition. Pearson correlation between ORN amplitude and 
behavioral threshold improvement was significant for the whole sample (r=.878, p<.05), and was 
numerically even higher in the elderly group (r=.962, p<.01) than in the young group (r<.794, 
p=.059). Hence, at group level, the elicitation of higher (more negative) ORN amplitudes in a given 
condition (onset asynchrony level) was associated with larger performance improvements in 
detecting the delayed partial (i.e., the delayed partial could be detected at lower sound levels).  

The good correspondence between EEG and behavioral data might be suggestive of the 
conclusion that the two approaches measure similar aspects of concurrent sound segregation by onset 
asynchrony, and hence that one could replace the other. However, when the aim is individual 
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diagnostics, showing strong correlation at group level is not sufficient: The relation might be much 
weaker in the individual datasets simply due to reduced signal-to-noise ratio. Hence the correlation 
must be revisited at the single-subject level. This is possible by recomputing the correlation of ORN 
amplitude and behavioral threshold improvement for each listener, yielding 38 individual correlation 
scores. In order to assess whether the single-subject correlations exceed chance level, the average 
individual correlation can be tested against zero by applying Fisher’s z transformation. The 
group-average z value was 0.661, corresponding to a back-transformed average correlation of 0.579, 
which was significantly higher than zero (p<.001). Again, results were highly similar when analyzed 
separately within each age group (young listeners: z=0.602, back-transformed r=0.539, p<.001; 
elderly listeners: z=0.726, back-transformed r=0.621, p<.001). This implies that, within the majority 
of the listeners, a higher (more negative) ORN amplitude in a given condition (onset asynchrony 
level) was associated with higher behavioral threshold improvement in this condition. The reduction 
of the single-subject correlation (r=.579) relative to the group-level correlation (r=.878) is well in 
line with previous studies (25, 26); the amount of reduction is tied to the signal-to-noise ratio in the 
individual data. In the current case, signal-to-noise ratio and thus sensitivity of the measurement was 
apparently sufficient at single-subject level.  

It is important to realize that these correlations were conducted within each listener across onset 
asynchrony levels. Therefore, they permit the following conclusion: If a listener shows a higher ORN 
amplitude in condition 1 than in condition 2, that same listener will tend to also show a higher 
behavioral threshold improvement in condition 1 than in condition 2. This conclusion is beneficial 
when drawing comparisons across conditions (e.g., different stimuli, or different ways to present 
these stimuli, such as in different preprocessing settings of a hearing aid). It must not be confused 
with a possible relation between EEG and behavior across listeners. In other words, it does not allow 
for the following conclusion: If listener A shows higher ORN amplitude than listener B, listener A 
will tend to also show a higher behavioral threshold improvement than listener B. This issue must be 
tested in a different way as follows. 

The right panel of Figure 3 shows a scatter plot of the single-level relation between ORN 
amplitude at Fz and behavioral threshold improvement across listeners, separately for each age group 
(young in green and elderly in orange). ORN amplitude and behavioral threshold improvement were 
averaged across onset asynchrony levels separately for each listener, yielding 38 scores for each of 
the two measures (behavioral threshold improvement/ORN amplitude). Each circle thus indicates one 
listener. In contrast to the analyses above, Pearson correlation between ORN amplitude and 
behavioral threshold improvement was not significant across the whole sample (r=.181, p=.277), nor 
was it significant within either age group (young listeners: r=.232, p=.324; elderly listeners: r=.136, 
p=.591). Hence a listener with higher (more negative) average ORN amplitudes did not necessarily 
have larger average performance improvements in detecting the delayed partial – in other words, 
mean ORN amplitude of a listener could not be used as a proxy for mean behavioral threshold 
improvement of the same listener.  

The patterns of each of these correlation analyses was highly similar to those obtained in our 
parallel study (23) employing the same manipulation with speech sounds. Together, the results 
suggest that direct inference from ORN amplitude on behavioral measures (and vice versa) is 
feasible when comparing different conditions within each group or within each listener, but not 
feasible when comparing different groups or different listeners with each other. This is not a matter 
of excessive noise in the individual data: The correlation within listeners (left panel of Figure 3) was 
significant both at group level and at single-subject level. The sensitivity of the measurement 
(including its signal-to-noise ratio) was thus adequate. 

It should be emphasized that the specific correlation pattern presented here was obtained for this 
particular context (i.e., comparing the processing of onset asynchrony in young and mildly 
hearing-impaired elderly listeners) – in other contexts, correlations of ORN amplitude and 
behavioral scores across listeners have indeed been reported (27). Hence a general recommendation 
is that the different levels of making comparisons (within or across listeners) should not be confused 
with one another, and that the validity of equating psychophysiological with psychophysical data 
must be tested in each specific context. 

3.3 Promises and caveats 
Based on the work presented in the above sections, complementing or even replacing 

psychophysical by psychophysiological (ORN-based) testing is highly promising for certain research 
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and applied questions. In the context of fitting a hearing-assistive device (i.e., testing different 
settings against each other) or evaluating its success (reassessing hearing ability in longitudinal 
follow-ups), the lack of correlation across listeners does not matter because the correlation within 
listeners gives the necessary piece of information: Higher ORN amplitude of a listener with setting 2 
than with setting 1 implies that this listener is likely to show a larger perceptual benefit from setting 
2 than setting 1. Higher ORN amplitude of a listener at time-point 2 than at time-point 1 implies that 
this listener’s perception likely has also improved. Hence, psychophysiological data gives exactly 
what is needed to make a choice for the listener’s benefit. It can be recorded with low testing burden 
(mainly the application of the electrodes; the testing itself can be done outside the focus of attention, 
while the listener engages in an enjoyable activity like watching a video). This alleviates some of the 
frustration involved in running many different psychophysical tests in listeners who are hard of 
hearing. At the same time, ORN-based testing has high face validity for the listener: The situation 
that two sounds are overlapping and must be disentangled is one that any listener frequently 
encounters in daily life, and a situation that many hearing-impaired listeners struggle with. 

Of course, many questions still need to be addressed before applying the ORN in a routine manner. 
An important question concerns the number of stimulus presentations needed to achieve acceptable 
accuracy and reliability of the measurement. (It is worthy to note that this is an open question for 
other components as well, even if they are already routinely applied.) One beneficial aspect of the 
ORN is that increasing the stimulus number does not come with a large overhead because component 
amplitude is largely independent of overall stimulus probability (16, but see 17). 

One note of caution is needed regarding the interpretation of the ORN as a correlate of perceptual 
segregation. In the study presented in Sections 3.1. and 3.2 (21), the ORN could equally well be a 
simple response to the physical difference between the synchronous and asynchronous sounds (e.g., 
an N1 component elicited by the delayed part of the sound). This caveat applies to many other ORN 
studies as well, because the stimuli leading to perceptual segregation typically differ in physical 
terms from the stimuli perceived as a unitary sound. However, there is some evidence that ORN 
elicitation matches perception with physically identical stimuli that can be interpreted as one or two 
sounds (18). Moreover, even if the ORN turns out to be dominated by physical rather than perceptual 
factors, its elicitation still speaks to the integrity of processing this particular physical difference 
(cue) in the listener’s auditory system. For many applied questions, this is fully sufficient, whereas 
whether the response reflects mere cue processing or higher-level object formation is not a key issue. 
What would be more important from an applied point of view, is to study whether ORN elicitation is 
predictive of being able to use the eliciting cue in real-life auditory scene analysis. 

4. CONCLUSIONS 
Starting from some general considerations about the utility of psychophysiological measurements 

for studying auditory function, this paper introduced the notion that the ORN component should be 
explored more widely in this context. Despite some caveats and outstanding issues, this component 
seems to bears great promise for diagnosing an individual’s ability to segregate concurrent sound 
sources, and to process the acoustic cues that are needed therein. The ORN component may have the 
potential to become a routine tool for evaluations in the context of hearing-assistive devices. 
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Abstract
A growing literature reveals that brain mechanisms contribute to symptoms of hearing loss. To study how
hearing loss affects brain function, several groups including our own have developed light-based methods via
functional near-infrared spectroscopy (fNIRS). Using fNIRS, we recently confirmed that lateral frontal cortex
(LFC) engages when normal-hearing listeners direct attention to words in background sound versus listen pas-
sively. We now test how sensory resolution affects LFC recruitment. As a control, we also record over auditory
cortex (AC). Using simulated cochlear implant speech, we ask listeners to perform a word detection task in a sit-
uation with competing background speech, as a function of the amount of sensory detail in the cochlear implant
simulation. One possibility is that impoverished sensory cues reduce AC or LFC engagement, as compared to
high-fidelity cues, limiting the potential usefulness auditory attention. Alternatively, poorly resolved sensory
detail may increase AC or LFC engagement, causing it to saturate and limiting overall speech intelligibility.
Recruitment of AC and LFC will be discussed in context of the saturation hypothesis.
Keywords: functional near infrared spectroscopy, cochlear implant

1 INTRODUCTION
Studies increasingly show how hearing loss shifts the balance of excitation and inhibition along the auditory
pathway of the brain (e.g. Chambers et al. 2016). However, when cochlear implants are fitted to an individual
user, device programming is mainly based on an individual’s audiometric thresholds, ignoring auditory brain
health. This may be a reason why these devices generally provide good audibility in quiet environments but
provide poor performance in situations with background sound for the majority of users. The goal of the current
work is to develop a tool by which we can assess auditory brain function in people with cochlear implants,
especially in situations with background sound.
When background sound is present, auditory attention should act as a gatekeeper, such that only a small frac-
tion of the incoming auditory information enters higher-order processing (Ihlefeld & Shinn-Cunningham, 2008).
Indeed, cochlear implant users can direct auditory attention (Paredes-Gallardo et al. 2018). In normal-hearing
listeners auditory attention engages auditory cortex (AC) and auditory-specific regions in lateral frontal cortex
(LFC; Michalka et al. 2015). Using fNIRS, we widened this approach and confirmed that LFC engages more
strongly when a listener actively attends to sound in the presence of a noisy background, versus listens pas-
sively (Zhang et al. 2018). To understand how AC and LFC of cochlear implant users may respond in these
kinds of acoustic situations, we now simulate coarse cochlear-implant-like speech and present these simulations
to normal-hearing listeners.

2 METHODS
A total of 11 normal-hearing listeners (aged 21-40, 3 female) participated in the study. All listeners gave
written informed consent to participate in the study. All testing was administered according to the guidelines of
the institutional review board of the New Jersey Institute of Technology.
Overall methods were similar to previous work (for detailed description see: Zhang et al. 2018), except that 1)
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Figure 1. Optode configurations A) AC B) LFC. Solid lines denote deep, dashed lines shallow channels.

we presented acoustically simulated cochlear-implant speech and 2) we refined the placement of optode source-
detector pairs to improve recording robustness.

2.1 BEHAVIORAL DATA ACQUISITION
Briefly, using a simulation technique called vocoding, we processed single words from a closed-set corpus that
were uttered in isolation by 1) bandpass-filtering the speech into consecutive bands, 2) multiplying the Hilbert
envelope of each band with a sine-wave carrier and 3) adding the component bands to form the simulated
speech signal. Stimuli could either be unprocessed speech ("normal"), or vocoded with 32, 16 or 8 bands. Each
utterance was time scaled to be of 300 ms duration. Testing a 2-talker mixture of 15 seconds of concatenated
vocoded speech, we then asked young normal-hearing listeners to report when target key words are uttered
by clicking a button on a handheld response interface. Each 15-second task epoch was followed by a 30 to
40 second silent rest period (duration randomly jittered). A listener’s response was scored a "hit" if a button
press occurred within 1200 ms after the onset of a target utterance, and a "miss" if no button press occurred
within 1200 ms after target onset. If the listener pushed a button and no target occurred within 1200 ms
prior to button push, this was scored a "false alarm." All other non-responses were scored "correct reject." A
listener’s behavioral sensitivity was then calculated by simulating chance performance via random guessing and
subtracting the z-score of this simulated chance performance from that of the observed percent correct, resulting
in d′ scores.

2.2 PHYSIOLOGICAL DATA ACQUISITION
Using a 3D-location tracking system (Brainsight 2.0 software and hardware by Rogue Research Inc., Canada),
we recorded four landmark coordinates on each listener’s head: nasion, inion, and bilateral preauricular points.
Relative to these four landmarks and using the Montreal Neurological Institute ICBM-152 brain atlas (Talairach
1988), we referenced four regions of interest (ROI), specifically, the right AC, left AC, right LFC, and left LFC.
Infrared optodes, embedded in a custom-made headcap were placed directly above each of the four ROIs, and
held in place with adjustable straps.
Using two different wavelengths, 690 and 830 nm, 50 Hz sampling frequency and a total of 8 source and
14 detector optodes, a continuous-wave diffuse-optical NIRS system simultaneously recorded light absorption
(CW6; TechEn Inc., Milford, MA). We used two recording depths. To estimate the neurovascular response of
cortical tissue between 0.5 to 1 cm below the surface of the skull, deep channels had a 3 cm source-detector
distance (solid lines in Fig. 1 A and B). In contrast, shallow channels, used to partial out physiological noise,
had a source-detector distance of 1.5 cm (dotted lines in Fig. 1 A and B). A subset of all potential combina-
tions of optode-detector pairs was interpreted as response channels and further analyzed. To improve test-retest
reliability, based on pilot testing, the optode design matrices differed across the AC and LFC recording sites.
Specifically, at each of the two LFC recording sites we combined one optical source and five surrounding de-
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Figure 2. Representative across-listener average HbO trace during auditory task engagement with normal speech
in the right AC versus rest. Ribbon shows one standard error of the mean across listeners.

tectors into one probe set, resulting in four deep and one shallow channel (Fig. 1A). At each of the AC sites,
we used a more compact channel design, combining source and detector optodes at the four corners to form
two deep channels diagonally, and combining the center optode with two corner detector optodes to form to
shallow channels (dashed lines in Fig. 1B).
Listeners initially performed a controlled breathing task, followed by auditory testing (for details see Zhang
et al. 2018). Using HOMER2 (Huppert et al. 2009), a series of signal processing steps and the mod-
ified Beer–Lambert law (Cope & Delpy, 1988; Kocsis et al. 2006), we extracted oxy-hemoglobin (HbO)
traces. We then normalized all HbO traces from the auditory task conditions by dividing each trace by the
maximal HbO concentration change in that source-detector pair during controlled breathing. We then fit-
ted the normalized HbO traces by four general linear models (GLM), one GLM for each ROI of the form:
y(t) = xnormal(t)∗βnormal +x32bands(t)∗β32 +x16bands(t)∗β16 +x8bands(t)∗β8 +xnuisance(t)∗βnuisance +ε(t) where y
is the normalized HbO trace, t is time, and the β values indicate the activation levels of each of the task re-
gressors. Specifically, βi was change attributed to vocoding condition i, βnuisance was the HbO change attributed
to non-neurally driven events, and ε(t) was the residual error of the GLM. Note that the task regressors xi in
the GLM design matrix contained reference functions for the appropriate vocoding condition, each convolved
with a canonical hemodynamic response function (for further details on data processing, see Zhang et al. 2018).

3 RESULTS
Figure 2 shows the across-listener average HbO trace for a representative task condition and ROI. As expected,
HbO in AC increases during auditory task engagement and decreases during the silent rest period. Similar
HbO traces were obtained for all combinations of four ROIs and four vocoding conditions. For each ROI,
Figure 3A-D shows βi HbO activation levels due to task engagement, as derived from the GLM models versus
the behavioral d′ scores. Task-driven responses in all four ROIs were significantly different from zero. To
estimate the within-listener association between behavior and fNIRS response, for each ROI, we calculated
the repeated measures correlations between the βi at that ROI and d′ (Bakdash et al. 2018). These repeated
measures correlations were robust in right AC but did not reach statistical significance in the other three ROIs.
Specifically, for right AC, r(32) = 0.45, p <0.01. For left AC, r(32) =- 0.05, p = 0.79. For right LFC, r(32) =
-0.14, p = 0.41. For left LFC, r(32) =0.09, p = 0.59. However, a repeated measures analysis of variance on the
HbO activation levels β in right AC did not find a main effect of sensory detail [F(3,30) = 0.3, p > 0.01].

4 DISCUSSION
The current study intended to assess viability of fNIRS for measuring auditory brain function. Here, listeners
detected target keywords among two competing streams of rapidly changing words. Results show that right AC
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Figure 3. HbO activation strength (βi), as attributed to hemodynamic response function, versus behavioral sen-
sitivity (d′) at each of the four ROIs. Each of the seven colors denotes one listener.

activation is significantly correlated with behavioral sensitivity to the task. This is consistent with data from
functional magnectic resonance imaging which show that the blood-oxygen-level-dependent response is a viable
indicator of perceived sensory detail, at least in the AC (Sohoglu et al. 2012). Our current results suggest
that right AC is a promising site for assessing auditory brain function via fNIRS. However, using fNIRS, the
current data show that the differential recruitment due to changes in sensory detail is smaller than what we
can currently statistically resolve at the population level with 11 listeners. One possibility is that right AC
reflects behavioral accuracy. Alternatively, the effect size in HbO activation levels may be too small considering
the overall variance in the fNIRS traces. Indeed, to date, no standardized method exists for estimating brain
activity from fNIRS recordings (e.g., Knauth et al. 2017). Future work will continue to test signal processing
algorithms to statistically partial out nuisance signals such as cardiac rhythm, respiratory induced change, and
blood pressure variations from the desired hemodynamic response driven by neural events in cortex.

5 CONCLUSIONS
Using a target detection paradigm with rapid concurrent two-talker speech, we find that when fNIRS recordings
are fitted with hemodynamic response functions, responses in right AC correlate robustly with behaviorally
observed sensitivity.
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ABSTRACT 
Objective measures that reliably quantify the listening success with cochlear implants (CIs) are hardly 
available, since CIs are incompatible with several common neuroscientific methods. However, especially for 
pre-lingually implanted children, such measures are urgently needed to better monitor the development of 
their hearing. A promising method that does not interfere with the function of CIs is near-infrared 
spectroscopy (NIRS). We are assuming that cortical activation patterns which resemble those of 
normal-hearing control subjects indicate that an implantation has been successful. In a first step, we thus 
presented normal-hearing subjects with speech-like sounds and vowels that differed regarding their prosodic 
properties, to evaluate the precision and usability of NIRS. The stimuli either had a more or less clear pitch, 
or varied regarding their pitch contours. Same as additionally obtained magnetoencephalography (MEG) 
data, which allow for a clear spatial differentiation of the cortical areas activated by the different stimuli, the 
NIRS data show different spatial activation patterns, despite the lower spatial resolution of this method. The 
present results thus suggest that NIRS is suitable for investigating cortical responses to stimuli that vary 
regarding specific acoustic properties and can therefore be used for the neurophysiological assessment of 
CI-based hearing. 
 
Keywords: human auditory cortex, speech melody, near-infrared spectroscopy 

1. INTRODUCTION 
To provide the basis for later studies investigating pitch perception in cochlear implant (CI) users, 

functional near-infrared spectroscopy (NIRS) data were obtained from normal-hearing participants 
listening to vowel sequences with different pitch contours. The current experiment thus aimed to 
investigate whether and how changes in the cortical representation of speech sounds with different 
prosodic contours become apparent in NIRS measurements. The theoretical motivation for this project 
is that the listening success of CI users generally varies widely across subjects and that, especially for 
pre-lingually implanted young children, objective measures that help to explain these performance 
differences and are urgently needed. NIRS is currently the most promising neuroscientific method to 
investigate CI-based hearing, as the data are unaffected by the electromagnetic signals of the CI 
processor (1, 2). A crucial limitation when listening through a CI is the restricted access to pitch 
information, which is largely confined to exploiting the temporal pitch cues transmitted by the signal 
envelopes (3). However, individual differences in the ability to use these pitch cues, as reflected by 
cortical activation patterns that resemble those of normal-hearing listeners to a greater or lesser degree, 
may serve as an objective marker of CI-based listening success. 

NIRS measurements are based on the relatively low absorption of infrared light by biological tissue, 
resulting in a so-called optical window into the brain (4, 5). Sources optodes placed directly on the 
scalp emit infrared light towards the brain, while detector optodes positioned at scalp sites nearby 
record the amount of light that has passed the cortical area in between the two sensors. The more active 
a given cortical region is, the more light will be absorbed by it, since brain activity causes an inflow of 
oxygenated blood containing higher concentrations of red oxyhemoglobin (HbO). This increase in 
HbO concentration over time, and the concurrent smaller decrease of the concentration of 
                                                         
1 kurt.steinmetzger@uni-heidelberg.de 
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deoxygenated hemoglobin (HbR) not considered in the current paper, can be measured using NIRS. 
One methodological difficulty that has received much attention in recent years (6) is that NIRS signals 
are strongly affected by superficial blood flow changes, which may obscure the cortical effects of 
interest. An increasingly more common way to separate these two signal components, which has also 
been used here, is the use of additional measurement channels with a short source detector spacing. 
Contrary to the longer standard channels, the light travelling from source to detector optode will not 
reach the cortex in this case and the recorded signals can thus be used to estimate and subtract the 
contribution of the superficial component from the data. 

The stimuli used in this experiment were German vowels concatenated into continuous sequences. 
The pitch contour within each block was either the same for each individual vowel (same pitch) or 
varied between vowels (different pitch). Hence, sequences with the same pitch throughout sounded 
rather monotonous, whereas the ones with different pitch contours had a somewhat melody-like quality. 
Previous neuroimaging work has shown that while stimuli with fixed pitch contours mainly activate 
Heschl’s gyrus and the planum temporale, melodies lead to additional activity slightly further anterior 
to those two structures (7). Furthermore, the neural activity evoked by transitions between different 
vowel types that had the same prosodic contours could be localised to the planum temporale (8). 
Consequently, we expected the vowel sequences with different pitch contours to activate a slightly 
larger cortical area than the same pitch equivalents. Since the findings reported in those two studies 
were based on methods with a higher spatial resolution (functional magnetic resonance imaging – 
fMRI – and MEG, respectively), the current experiment thus also served as a general test of whether 
NIRS is suitable for precise investigations of auditory perception. 

2. METHODS 

2.1 Participants 
NIRS data obtained from 16 normal-hearing listeners (7 female, 9 male) were analysed. Their ages 

ranged from 21 to 56 years, with a mean of 27.3 years. All participants were native speakers of German 
and had audiometric thresholds of less than 20 dB hearing level (HL) at octave frequencies between 
125 and 8000 Hz. All subjects gave written consent and the study was approved by the local research 
ethics committee (Medical Faculty, University of Heidelberg). 

2.2 Stimuli 
The stimulus materials used in this study were recordings of the German vowels /a/, /e/, /i/, /o/ and 

/u/ spoken by an adult male German talker. The recordings were made in an anechoic room and 
digitised with 24-bit resolution and a 48-kHz sampling rate, using a condenser microphone (Brüel & 
Kjær, type 4193) and an RME Babyface audio interface. Each vowel was cut at zero-crossings right 
before vowel onset, limited to a length of 800 ms using a 50-ms Hann-windowed offset ramp, and 
high-pass filtered at 50 Hz (zero-phase-shift third-order Butterworth). 

Subsequently, the F0 contours of the vowels were manipulated with the STRAIGHT vocoder 
software (9) implemented in MATLAB, which allows to alter the prosodic properties of the stimulus 
materials without affecting their spectral filter. Each vowel was re-synthesised with two different 
mean F0s (80 Hz and 120 Hz) and five different prosodic contours (flat, rising straight, falling straight, 
rising curved and falling curved), resulting in a final set of 50 stimuli. For the non-flat contours, the F0 
increased or decreased by a total of a perfect fifth relative to the mean F0. The mean F0 was always 
specified to be the mid-point of the non-flat contours, such that the maximum and minimum F0 values 
were equally far above and below the mean. 

Finally, the stimuli were low-pass filtered (zero-phase-shift first-order Butterworth) at 3.5 kHz – to 
match the frequency response of the Etymotic Research ER3 headphones used in a corresponding 
MEG experiment – and normalised to a common root-mean-square (RMS) level. Examples of the 
stimuli are shown in Fig. 1. 
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Figure 1 – Stimuli. Narrow-band spectrograms (upper panel) of the 5 German vowels used in the current 

experiment, each synthesised with one of the 5 different F0 contours (lower panel). The vowels were 

subsequently concatenated into blocks of 20 stimuli, in which the pitch contours were either the same 

throughout (same pitch) or varied between vowels (different pitch). 

 

2.3 Procedure 
As hemoglobin concentration changes evolve over the course of several seconds, a block design 

with long stimulation periods and equally long pauses was used to maximise the size of the 
experimental effects. The individual vowels were thus concatenated into blocks of 20 stimuli with a 
total duration of 16 s. These stimulus blocks were followed by pauses with random durations ranging 
from 16–20 s. The vowels were grouped into ten experimental conditions, according to their prosodic 
properties. The first five conditions (same pitch) each comprised only one of the five different 
prosodic contours. Hence, the prosodic contours could not vary between the individual vowels in these 
blocks. Five more conditions (different pitch), in which the contours varied within each block, were 
formed of vowels with rising, falling, straight, and curved contours, or a mixture of all five contour 
types. Each participant was presented with 10 blocks in each experimental condition. There was one 
block for every combination of vowel type and mean F0 in each condition, to ensure that they would 
occur equally often across conditions. The order of the blocks as well as the order of the contours 
within each block were both randomised without any constraints. The experiment thus consisted of 
100 stimulus blocks framed by 101 pauses, amounting to a total duration of about 57 mins. For 
simplicity, the data in each of the five same and different pitch conditions were pooled together for 
analysis. 

The experiment took place in a sound-attenuating and electrically shielded booth, with the 
participant sitting in a comfortable reclining chair during data acquisition. To ensure that the same 
experimental design can also be used with young children in the future, there was no behavioural task. 
Since the presentation of a silent movie was found to negatively affect the recorded data in pilot tests, 
the experiment also did not contain a visual distraction. Short pauses were inserted roughly every 10 
mins to ensure the vigilance of the subjects. The stimuli were converted with 24-bit resolution and a 
sampling rate of 48 kHz using an RME ADI-8 DS sound card and presented via Etymotic Research 
ER2 headphones attached to a Tucker-Davis HB7 headphone buffer. The presentation level was set to 
70 dB SPL, using an artificial ear (Brüel & Kjær, type 4157) connected to a Brüel & Kjær measurement 
amplifier (type 2610). Simultaneously recorded 64-channel EEG data are available for each subject 
but were not considered in the current paper. 

2.4 NIRS recording and analysis 
NIRS signals were recorded with a continuous-wave NIRx NIRScout 16x16 system at a sampling 

rate of 7.8125 Hz. Eight light sources and eight photodetector optodes were symmetrically placed over 
both hemispheres using a standard EEG cap. The optode positions for each individual subject were 
digitised with a Polhemus 3SPACE ISOTRACKII system before the experiment. The source optodes 
emitted light pulses with wavelengths of 760 and 850 nanometres. The same sequential illumination 
pattern was simultaneously used for both hemispheres to avoid interference between adjacent sources. 
The chosen optode layout was devised to optimally cover the auditory cortex and resulted in 22 
measurement channels per hemisphere, 20 of which had a standard source-to-detector distance of 30 
mm, while the other 2 had a shorter 15-mm spacing (Fig. 2). 
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The data were pre-processed using the HomER2 toolbox, version 2.8 (10). The raw light intensity 
signals were first converted to optical density values and then corrected for motion artefacts. A 
kurtosis-based wavelet algorithm with a threshold value of 3.3 (11) was used to identify and correct 
motion artefacts by rejecting spectral components of the signal rather than time segments . 
Measurement channels with poor signal quality were then excluded from further analysis based on 
their scalp coupling index (12). This processing step was carried out by band-pass filtering the optical 
density signals of both wavelengths between 0.5–2.5 Hz (third-order low-pass and fifth-order 
high-pass zero-phase-shift Butterworth filters) to emphasise the heart-beat related signal fluctuations 
and correlating the two signals. Channels with values below 0.5 were excluded, since a good contact 
between optode and scalp will result in high correlations. On average, 1.6 channels per subject were 
excluded (26 in total, max. 10 per subject). Next, the motion-corrected signals of the remaining 
channels were band-pass filtered between 0.01–0.2 Hz (same filter settings as above) to isolate the 
task-related neural activity and converted to HbO concentration values based on the modified 
Beer-Lambert law (4). The differential path length factors required for the conversion were determined 
based on the wavelength and the age of the subject (13). The pre-processed waveforms in each 
experimental condition were then block averaged from -2–32 s around stimulus onset and baseline 
corrected by subtracting the mean of the signal in the pre -stimulus window from each sample point. 

Secondly, the pre-processed data were statistically evaluated and visualised with SPM-fNIRS, 
version r3 (14). Based on the principles of the general linear model (GLM), the SPM framework (15) 
tests how well the measured data can be predicted with an expected hemodynamic response function 
(HRF, Fig. 4). Within SPM-fNIRS, the optode positions of each subject were first probabilistically 
rendered onto a standard brain surface in the MNI coordinate system (16). The signals were then 
temporally smoothed using the shape of the expected HRF (‘pre-colouring’) to avoid autocorrelations 
issues when estimating the model (17). The data of each individual subject were statistically modelled 
by convolving the continuous HbO signals with separate regressors for each of the ten experimental 
conditions. The expected HRFs were based on the standard canonical HRF implemented in SPM and 
the stimulus duration was set to the length of the blocks (16 s). To allow the shape of the measured 
HRFs to vary slightly, the temporal and spatial derivatives of the canonical HRF were included in the 
GLM too (18). Furthermore, the first component of a principal component analysis of the signals 
recorded with the four short channels was used as an additional nuisance regressor, as this serves to 
estimate and remove the so-called global scalp-hemodynamic component (6), i.e. the superficial signal 
component. After estimating the GLM for each subject, contrast vectors were defined to evaluate the 
effects of the main regressors in each experimental condition. The additional regressors representing 
the derivatives and the global scalp component were set to zero in all contrasts to statistically control 
for their effects. Group-level statistics were computed by testing whether a main regressor, or 
combinations thereof, had beta weights that were significantly different from zero using one-sample 
t-tests. A customised version of the SPM-fNIRS plotting routine was devised to visualise the optode 
and channel positions (Fig. 2) as well as the functional activations (Fig. 3). 

 
 

 

Figure 2 – NIRS optode and channel positions. The average positions of the source and detector optodes are 

indicated by the red and blue circles, respectively. The average positions of the resulting measurement 

channels are indicated by the grey numbers. The locations of the red dots show the channel positions for each 

individual subject and the hue of the dots represents the distances between the sources and detectors. 
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3. RESULTS 
The cortical activation patterns in response to vowel sequences with different prosodic properties 

are summarised in Fig. 3. The left column of the figure shows the cortical activity that was evoked by 
blocks consisting of vowels that had the same pitch contours throughout. A significant increase of 
neural activity was observed near the posterior part of the right auditory cortex (channel 36), while 
there was no significant activation of the left auditory cortex. In contrast, vowel sequences with 
different pitch contours within the individual stimulus blocks evoked activity in the right auditory 
cortex that was both stronger and had a wider spatial distribution (channels 34, 36, and 38; Fig. 3, 
middle column). However, there was again no significant activation of the left auditory cortex. 
Accordingly, when comparing the two stimulus classes directly, a cluster of channels near the right 
auditory cortex exhibited a stronger activation in response to vowels sequences with different pitch 
contours (Fig. 3, right column). This channel cluster (numbers 25, 27, 34, 36 and 38) was distributed 
along the right superior temporal gyrus. For the left auditory cortex, on the other hand, no significant 
differences were observed. 

 
 

 
 

Figure 3 – Neural activation patterns in response to vowel sequences with the same (left column) or different 

pitch contours (middle column), as well as the differences between both stimulus classes (right column). 

NIRS channels showing significant positive activations (p < .05) are indicated by white numbers. 
 
 
As shown in the lower part of Fig. 3, vowel sequences with same and different pitch contours, as 

well as the comparison of these two stimulus classes, all resulted in significant effects at channel 36. 
To further investigate this finding, Fig. 4 shows the average time courses of the HbO concentration 
changes at this location for the two stimulus conditions. Both hemodynamic response functions were 
found to reach their maximum around 5 s after stimulus onset. However, the HbO concentration level 
for sequences with the same pitch quickly returned to baseline level after this initial peak, while the 
HRF for vowels with different pitch contours showed a sustained increase throughout the stimulation 
period. In line with this observation, the predicted HRF that was used to statistically model these data 
resembles the measured HRF of the vowel sequences with different pitch to a much greater degree, 
after weighting it with the subject-specific regressions weights. 

5668



 

 

 
Figure 4 – Hemodynamic response functions. Measured (blue) and predicted (green) concentration changes 

of oxyhemoglobin (HbO) evoked by vowel sequences with same and different pitch contours. The 16-s 

stimulation period is indicated by the grey shading and the predicted response functions are shown after 

multiplication with the estimated regression weights. 

 

4. DISCUSSION 
In the present NIRS experiment, right-lateralised activations of the auditory cortex were found in 

response to vowel sequences with same or different pitch contours. The observed activations showed a 
wider spatial distribution as well as a longer duration for sequences with different pitch contours.  

With respect to the spatial distribution, the results are in line with earlier findings reporting 
additional neural activity anterior to primary auditory cortex for stimulus sequences with melodic 
rather than monotonous pitch contours (7). However, although this fMRI study also found strongly 
right-lateralised activity when comparing these two stimulus types, bilateral activity in auditory cortex 
was observed in response to stimuli with the same pitch. The lateralised activation pattern obtained in 
the current study has, however, also been found in several MEG studies using simple tonal stimuli and 
passive experimental paradigms. One explanation for this may be that the increased cortical folding of 
the left auditory cortex results in MEG signal cancellations (19). For NIRS, in turn, the increased 
folding might have the consequence that this area is located slightly further away from scalp and 
cannot be fully reached by the infrared light. The penetration depth of NIRS is assumed to be only 
about half the source detector distance (5) – i.e. ~15 mm for the long channels – and hence even small 
structural difference across hemispheres could greatly affect the results. 

The time courses of the HbO concentration changes revealed a more sustained effect for vowel 
sequences with different pitch contours, as opposed to a shorter response following stimulus onset for 
sequences with the same pitch. This finding agrees with results showing that the hemodynamic 
response measured with fMRI also decreases after an initial peak when stimuli with a consistent pitch 
are used (20). Contrary to these fMRI data, there was however no indication of an offset response in 
the present data, despite the markedly higher temporal resolution of NIRS signals. 

5. CONCLUSIONS 
The current results have demonstrated, firstly, that NIRS has a sufficiently high spatial resolution to 

distinguish between speech sounds with different prosodic properties. Secondly, the time courses of 
the hemodynamic responses recorded with NIRS also showed clear differences depending on the 
stimulus type. Taken together, this suggests that NIRS is a suitable method for precise 
neurophysiological investigations of auditory perception, in addition to its many practical advantages. 
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ABSTRACT 

Functional magnetic resonance imaging (fMRI) enables objective measurement of central auditory 

processing. We used fMRI to investigate neural processing of audiovisual speech in hearing impaired 

unaided and non-hearing impaired elderly subjects. Speech stimuli were used under four different 

conditions, visual only, auditory only and two audio-visual conditions, in which subjects could see the 

speakers face, one with congruent auditory and visual information and a second with incongruent 

information. While performance in this task did not differ between hearing impaired and non -hearing 

impaired participants, task-related neural activity differed. Hearing impaired participants showed 

higher neural activity in medial and lateral prefrontal cortex which correlated with the amount of 

high-frequency hearing loss. We suggest that the additional recruitment of frontal brain regions may 

relate to increased effort, which was supported by reports of increased daily listening effort in the 

hearing impaired group. An additional data analysis on resting state fMRI data in the same group of 

subjects, showed that this increased listening effort relates to decreased functional connectivity 

between inferior frontal and auditory cortex. Task and resting state fMRI data therefore provide 

valuable measures of central auditory processing of speech and increases in listening effort in the 

hearing impaired. 

 

Keywords: age-related hearing loss, functional neuroimaging, audiovisual speech, listening effort 

 

1. INTRODUCTION 

Age-related hearing loss affects a large proportion of the elderly but often stays untreated for 

several years (1). The loss of hearing abilities at high frequencies leads to difficulties in understanding 

speech and increased listening effort, especially in multispeaker situations. The effects of reduced 

sensory input on the brain are well investigated in the congenitally deaf and those with profound 

hearing loss and demonstrate that the loss of auditory input induces changes in neural processing in 

and beyond the auditory cortex (2). A well-investigated phenomenon is crossmodal plasticity, evident 

as increased responses in auditory cortex to visual stimuli. Recently, evidence for crossmodal 

plasticity has also been found in mild to moderate age-related hearing loss (3, 4). For example, in a 

functional magnetic resonance imaging (fMRI) study in elderly subjects with varying degree of high 

frequency hearing loss, increased functional connectivity between auditory cortex and motion -related 

brain regions was found when subjects had to categorize frequency-modulated tones presented alone 

or in the context of non-matching versus matching visual motion (3). Together with a prior behavioural 

finding that hearing impaired listeners are more distracted by incongruent v isual input (5) the results 

                                                        
1 gf@aaa.com 
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compellingly demonstrate that untreated age-related hearing-loss impacts brain connectivity and 

audiovisual integration. Behaviourally, increased audiovisual integration in elderly hearing impaired 

listeners has also been described for speech stimuli using the McGurk effect, an illusion that can occur 

if incongruent auditory and visual syllables are presented which lead to a fused third percept (6, 7). An 

increased sensitivity for processing lip movements in the hearing impaired,  which convey visual 

information that may aid speech understanding, may explain these findings (8). The brain mechanisms 

related to processing audiovisual speech in the hearing impaired are however unclear.  

 

2. METHODS AND RESULTS 

To investigate audiovisual processing of speech in age-related hearing impairment we performed a 

functional neuroimaging study in in a sample of subjects with untreated mild to moderate hearing loss 

and an age-matched control group. Magnetic resonance imaging methods enable the measurement of 

brain function and structure with high spatial precision. FMRI was introduced in humans in 1991 and 

measures brain activity via the so-called blood oxygen level dependent (BOLD) contrast, which 

exploits the different magnetic properties of oxygenated and deoxygenated blood (9). Even though this 

measure is an indirect measure of neuronal activity that relies on neurovascular coupling, it is strongly 

correlated with the local field potential of neurons (10). The method can be used to investigate the 

strength of activation in different brain regions during different task conditions or the coupling of 

brain regions during task conditions or at rest. They therefore provide an objective measure of changes 

in neural activity and functional connectivity. In contrast to electrophysiological methods such as 

electro- or magnetoencephalography, fMRI provides better spatial resolution and also enables tracking 

of neural activity in subcortical regions. The disadvantage is however the high levels of noise 

produced during measurement which can only partly be reduced by active noise cancellation.  

 

We will here report on a previously published dataset that was acquired in normal hearing (n=19; 

mean age 63.2) and hearing impaired participants (n=20; mean age 63.5) who performed an 

audio-visual sentence detection task inside the MRI scanner (3T Prisma with 20 channel headcoil) as 

well as a so-called resting state scan. In addition, subjects performed the McGurk task outside the 

scanner and filled in a questionnaire on daily listening effort. Hearing status was assessed with pure 

tone audiometry. Mean values for high frequencies (2-8kHz) were 39.5 dB for the hearing impaired 

and 18.9 dB for normal hearing subjects.  

 

Analysis of the behavioral data acquired outside the scanner indicated significantly higher daily 

listening effort and stronger audio-visual integration (increased McGurk effect) in hearing impaired 

compared to normal hearing subjects. Furthermore, hearing-loss was highly correlated with 

audio-visual integration with higher hearing-loss leading to a higher amount of McGurk illusions. 

These results confirm prior findings that mild to moderate hearing impaired subjects are more prone to 

the McGurk illusion than normal hearing subjects. Behavioural data in the MRI showed best 

performance for congruent audiovisual sentences but no differences between hearing impaired and 

normal hearing subjects, which may have been due to the scanner noise. Neural activity during 

sentence processing differed however significantly between both groups. Increased activation was 

found in the hearing impaired in frontal areas for unimodal visual, unimodal auditory and incongruent 

audio-visual sentences (see Figure 1, for further results see (11)). Our results indicate a hearing-loss 

induced modulation of the BOLD response in frontal areas during unimodal auditory, visual and 

incongruent audio-visual input, but not for congruent audio-visual input. This effect may be related to 

an increased listening effort in those conditions in the hearing impaired.  
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Figure 1 – Higher neural activity in hearing impaired vs. normal hearing subjects showing increased BOLD 

signal in medial, middle and inferior frontal gyri (side view upper row), as well as cingulate cortex (medial 

view, lower row) with incongruent audio-visual speech [p<0.05; FWE corrected on the cluster level]. Similar 

activation differences were found for the unimodal auditory and visual conditions (not shown). No 

differences between hearing impaired and normal hearing subjects were seen with congruent audio-visual 

speech. Figure adapted from (11). 

 

To further investigate long-term effects of increased daily listening effort in the study population 

the subjectively reported questionnaire data was related to resting state functional connectivity. 

Resting state functional connectivity measures coherent fluctuations of BOLD signal between brain 

regions. Several resting state networks, such as the default mode, the dorsal attention and the salience 

network, have been identified (12). Changes in these networks have been related to various disease 

states, two recent studies also report changes in relation to age-related hearing loss (13, 14) but the 

relation to daily listening effort is unclear. Our data provide evidence for lower functional connectivity 

with increased listening effort. This effect was present in the dorsal attention network and in a 

connection from auditory cortex to inferior frontal gyrus (for further results see (15) ). Note that these 

changes in functional connectivity were not dependent on hearing loss, which suggests that increased 

listening effort experienced in everyday life rather than the hearing loss itself has a significant 

influence on resting state connectivity.  

 

3. CONCLUSIONS 

The data presented here suggest that mild to moderate untreated hearing-loss and even increased 

daily listening effort can lead to compensatory changes in brain activity and connectivity.  Whether 

these changes are beneficial or maleficial will need to be determined in future studies. 
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Abstract
Newborns and infants often suffer from pathological conditions of the middle ear. In many cases, those condi-
tions comprise liquid in the middle ear, e.g. middle ear effusion, or amniotic fluid during the very first days of
life. In order to check the middle ear status in a fast and simple manner, the measurement of the infant’s ear
acoustic input impedance could be a useful method.
In an ongoing study, the acoustic input impedance of infants’ ears (aged from 2 weeks up to 5 months) was
measured in the frequency range from 100 Hz to 10 kHz at ambient pressure. In addition, the middle ear status
was assessed by ENT-specialists, yielding an expert classification of “normal” and “pathological” middle ears.
The results, on the one hand, show a great variability at low and very high frequencies, reflecting the susceptibil-
ity of the measurements to movements and noise of the subjects. On the other hand, there is a frequency range in
which a clear discrimination between normal and pathological middle ears seems to be possible. This discrim-
ination appears to profit from the consideration of both the magnitude and phase information of the measured
acoustic impedance, indicating that power-based methods may miss important information.
Keywords: middle-ear, newborn, impedance, immittance

1 INTRODUCTION
The assessment of hearing ability in newborns and infants is a challenging task. Universal newborn hearing
screening (UNHS) programs have the goal to identify infants with a permanent hearing loss in order to allow
an early intervention.
Temporary pathological conditions of the middle ear are probably the most common cause of fails in UNHS-
tests, but the results of these tests don’t provide any information about the location of the problem.
In older children and adults tympanometry is the method of choice for detecting middle ear pathologies affecting
the conductive path. In newborns and young infants tympanometry at 1 kHz is often used, but it seems that
there is no commonly accepted method for interpreting the results.
Over the last years, other immittance-based measurements have been and still are investigated for their suitability
to detect conductive problems in newborns and young infants, see e.g. [1, 2, 3, 4, 5]. In contrast to the classical
single frequency tympanometry, these modern methods make use of a broader frequency range. They can be
grouped by two factors: 1) whether the static pressure in the ear canal is changed or not, and 2) by the resulting
quantity to be analyzed. Some methods report complex-valued quantities, such as the acoustic impedance or its
reciprocal the acoustic admittance. The others are power based methods reporting real-valued quantities such as
power-reflectance or power-absorbance. So far only power based methods are used in clinics.

∗Author to whom correspondence should be addressed. Electronic mail: tobias.sankowsky@jade-hs.de
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The present paper presents first results of an ongoing study, in which the acoustic input impedance of the ear
of young infants with normal or pathological middle ear was measured. The status of the middle ear was
assessed by ENT-specialists based on visual inspection of the ear together with results of a screening test and
a 1 kHz tympanometry test.

2 METHODS
2.1 Subjects
The infants age had to be less than 5 month to be included into the study. Furthermore infants were excluded
in case of known trisomy 21, any pharyngeal arch syndromes with a somatically different ear canal structure,
or a dysplasia of the outer or middle ear. The study was carried out at Medizinisches Versorgungszentrum
Oldenburg (MEVO), which is an outpatient ENT department specialized to pediatric audiology. Parents, coming
to a regular consultation-hour into MEVO because their infants failed at least one time the NHS, where asked
for parental consent to participate in the study.
The study-design was approved by the medical ethics committee of the University of Oldenburg.

2.2 Impedance measurement technique
The acoustic input impedance of the ear was measured with a custom-made measurement probe. This impedance
probe contains a miniature electret microphone (Knowles Electronic type FG-23652-P16) and a balanced arma-
ture driver (Knowles Electronic type TWFK-30017). Both, microphone and driver were connected to separate
ducts in a cylinder. The cylinder can be equipped with standard silicon ear tips. A third duct in the cylinder
with an inner diameter of 0.6 mm provides pressure equalization between the ear canal and ambient pressure.
Impedance was measured using a calibrated source method. The method is based on [6] with additional consid-
eration of discontinuity and end corrections. It is described in detail in [7]. The resulting calibration parameters
could than be used to compute the acoustic impedance from the transfer function between microphone and
receiver signal measured in the ear canal. Random pink noise signals were used for the measurements at an
A-weighted sound pressure level of 63 dB SPL measured in a high-frequency coupler with a volume of 0.4 cm3

(GRAS Sound & Vibration A/S type RA0252). The transfer functions were estimated using classical FFT-based
estimation techniques [8].
Signal generation, recording and transfer function estimation were realized in MATLAB. A multi channel sound
card (RME type Fireface UC) was used for conversion between digital and analog signals.

2.3 Protocol of ENT-specialists
The regular examination comprised 1 kHz tympanometry, automated auditory brainstem response (AABR)-
screening and/or otoacoustic emission (OAE)-screening, and visual inspection by microscopy.
For the tympanometry a Maico Race Car Tympanometer was used. With a stimulus frequency of 1 kHz at a
level of 85 dB SPL, the static pressure was varied from 200 daPa to -300 daPa at an adaptive rate.
Two different devices were used for AABR screening tests depending on which one was available. One of the
devices was a Maico MB 11 Beraphone with CE-chirp stimuli at a rate of 93/s and a level of 35 dB nHL. The
other device was a GSI Novus which also utilizes CE-chirps at a level of 35 dB nHL. The stimulus rate of
the latter device depends on the ear side, the probe for the left ear produces a rate of 88/s, while the right ear
probe produces a rate of 92.5/s. In both devices an automated analysis reported either pass or fail.
OAE-screening was conducted using a GSI Corti. Transient evoked otoacoustic emissions were determined at
six frequencies between 1.5 kHz and 4 kHz, the intensity of click stimuli was 80 dB SPL peak equivalent. A
pass required a SNR of 4 dB at 3 out of 6 frequencies.
The visual inspection comprised examination of the outer ear, the ear canal and the eardrum. Findings of liquid
in the middle ear or blockage of the ear canal with cerumen were noted for the study. Finally, the status of the
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middle ear was assessed, considering all results of the regular examination, to be normal, pathological, or to be
unclear if a decision was not possible at that time.

2.4 General procedure
Infants first underwent the screening test (AABR and/or TEOAE), followed by the 1 kHz tympanometry. After
that, parents were asked for parental consent to participate with their child in the study. If a consent was given,
the acoustic impedance was measured. Usually all tests and measurements were conducted in both ears, while
the infant was awake. Finally, the visual inspection was done.

3 RESULTS
30 ears of 24 infants were assessed to have a normal middle ear and 13 ears were assessed to have a patho-
logical middle ear. Figure 1 shows the numbers of ears for the normal and the pathological ears, respectively,
grouped by age. As can be seen, in the group of normal middle ears the age of most subjects (80%) was less
than 2 month. In the pathological group, only 37% were younger than 2 months and 40% were between 2 and
3 months.

1 - 30 31 - 60 61 - 90 91 - 120 121 - 150

Age in days

0

5

10

15

N

normal

pathological

Figure 1. Numbers of normal and pathological ears, grouped by age.

It turned out that an assessment as “pathological” was always linked to middle ear effusion. While in one of
the 13 middle ears the amount of secretion found was only small, in the other ears it was quite substantial.

Figure 2 shows the measured acoustic impedance of the normal ears on the left side and of the pathological
ears on the right side. For the normal middle ears, a strong characteristic course of the acoustic impedance
could be seen between about 1 kHz and 5 kHz, in both magnitude and phase. Below and above that frequency
range, the variability increases. Furthermore, some artifacts (notches in impedance level and strong variations in
phase) can be seen up to about 1.5 kHz, which are caused by a poor SNR in the measurement due to noise.

The acoustic impedance measured in the pathological middle ears shows substantially different characteristics.
Except for two measurements, the level of the impedance has a minimum around 4 kHz with a steep gradient
in phase. The first of the two exceptions, which is depicted as straight red line, has a decreasing impedance
level and a phase near -90◦. The ENT-specialist reported a very narrow ear canal with a protrusion at the
posterior ear canal wall. The second exception is depicted by the green straight line. Both, level and phase of
the acoustic impedance are quite similar to that of the normal ears with the level ranging in the upper limit
of the impedances measured in normal ears. For that ear the ENT-specialist reported only a small amount of
secretion in the middle ear.
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Figure 2. Acoustic input impedance of the ear measured on 30 infant ears with normal middle ear (left) and on
13 infant ears with pathological middle ear (right).

4 DISCUSSION
4.1 Problematic frequency ranges
At low frequencies, results are widely spread in both magnitude and phase. One of the reason for that, as
already mentioned in the previous section, is a poor SNR. Additionally to the noise produced by the infants
during the measurement, the design of the probe is not optimal in terms of SNR. The third duct in the cylin-
drical probe tip, providing equalization of static air pressure between ear canal and environment, causes a low
signal level at low frequencies. On the other hand, the pressure equalizing duct avoids overpressure that might
be caused when inserting the probe into the ear. This was intended and supposed to help avoid erroneous
influences on the acoustic impedance of the ear and increase the infant’s acceptance of the measurement.
Another reason for the widely deviating results at low frequencies is that the sealing of the ear canal by the
probe differs between measurements. A highly sealed fitting of the probe results in a compliance like impedance
at low frequencies, i.e. an impedance level decreasing with increasing frequency and a negative phase, which
can be seen in some measurements. On the other hand, a loose fitting probe results in an acoustic leakage with
a mass like impedance at low frequencies, i.e. an impedance level increasing with frequency and a positive
phase. It should be noted that the pressure equalizing duct of the probe doesn’t effect the measured impedance
in terms of the sealing: As this duct is also present in the impedance calibration measurements, it is part of the
source model.
Both problems, the poor SNR and the variations in sealing, result from challenges arising with measurements
on very young infants. Of course, different actions could be taken to reduce these problems. However, it is
assumed that the low frequency range isn’t of much importance to detect pathological middle ear functions
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because at that age compliant ear canal walls affect the measured acoustic impedance, see [9].

At high frequencies (> 5 kHz), results are different between normal and pathological middle ears. Most
impedance measurements on pathological middle ears show a peak in the impedance magnitude with a phase
changing from positive to negative values at high frequencies, which is only shifted in frequency between dif-
ferent ears. Acoustic impedance measured on normal middle ears don’t show a clear and simple characteristic
course in that frequency range. It may be assumed that these variations are caused by individual differences in
the middle ear and the residual ear canal. A further investigation of these effects will be part of future work.

4.2 Meaningful frequency range
The measured acoustic impedance in the frequency range from 1 kHz to 5 kHz showed clear characteristics,
which can be assigned either to the middle ears assessed to be normal or to the ears assessed to be pathological
due to middle ear effusion. These characteristics for the normal middle ears are a broad minimum in impedance
level with gradually increasing phase at about 1.8 kHz, followed by a broad maximum of impedance level with
gradually decreasing phase around 3.5 kHz. Characteristics of the pathological middle ears are a sharp minimum
in impedance level with a steeply increasing phase around 4 kHz.
In [9] the acoustic input impedance of the ear on infants of different age groups was measured. These authors
reported mean values for infants aged 1, 3, 6, 12, and 24 months old. The mean acoustic impedance reported
for the 1, and 3 month groups showed the same characteristics, that were also found for the normal group in
the present study.
In [3] wideband reflectance (WBR) was measured at infants aged from 3.1 to 25.6 weeks. WBR is a measure
based an the acoustic impedance, it is also known as power-reflectance. The authors compared WBR measured
on normal hearing (NH) infants with WBR measured on infant ears having a conductive hearing loss (CHL).
Assessment of NH and CHL was achieved by determining the air-bone gap from air conduction thresholds and
bone conduction thresholds measured with auditory brainstem response. WBR was determined at 15 1/3 octave
bands in the frequency range from 211 Hz to 6 kHz. They found the frequency range around 1.6 kHz to
be suitable to distinguish between NH and CHL, which is in agreement with the characteristics found in the
present study. In contrast to the above presented results, the WBR-values didn’t allow a distinction between NH
and CHL around 4 kHz.

5 CONCLUDING REMARKS
In the present contribution, measurements of the acoustic input impedance of the ear, measured at ambient
pressure in young infants up to 5 months old, were presented. The infants were awake during the measurement.
The middle ear status of the ears were assessed either to be normal or to be pathological, with the latter always
being associated with middle ear effusion.
Different characteristics between normal and pathological middle ears could be found in both, impedance mag-
nitude and phase. The results strongly indicate that the acoustic impedance measured at ambient pressure is
suitable to detect middle ear effusion in young infants.
The impedance measured in the present study on normal assessed middle ears is in good agreement with mean
values from literature.
At high frequencies (> 5 kHz), the acoustic impedance measured on ears where middle ears were assessed to
be normal showed considerable inter-individual variations. The investigation of these variations will be part of
future work.
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Neural mechanisms of temporal processing in the central auditory system:
A theory of gap detection

Jennifer LINDEN(1)

(1)University College London, United Kingdom, j.linden@ucl.ac.uk

Abstract
Humans are remarkably sensitive to brief interruptions of ongoing sound. Gap-detection thresholds are typ-
ically less than 6 ms in normal young adults, and often higher in older adults, patients with developmental
disorders, or subjects with auditory processing difficulties. Gap-in-noise detection thresholds are therefore rou-
tinely measured in audiological clinics to assess auditory temporal acuity. However, despite the simplicity of
the gap-in-noise detection task and its importance as a clinical tool, the neural mechanisms of gap detection
are still poorly understood. Here I describe recent insights into the neural mechanisms of gap detection gained
from studies of an unusual mouse model of gap-detection deficits. Neurophysiological data and computational
modelling reveal that central auditory responses to sound offsets (disappearances) play a key role in defining the
limits of gap-in-noise acuity. Additionally, adaptive gain control in higher auditory brain areas increases gap-in-
noise sensitivity. These results indicate that gap-in-noise detection relies not only on peripheral and brainstem
mechanisms that produce precisely timed neural responses to sound offsets and onsets, but also on higher cen-
tral auditory mechanisms of adaptation and intensity gain control. Thus, elevated gap-detection thresholds in
patients with auditory perceptual difficulties could arise from abnormalities in many different auditory brain
areas.
Keywords: Gap, Temporal, Offset
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Functional segregation of ferret auditory cortex 

probed with natural and model-matched sounds 

Agnès LANDEMARD1; Célian BIMBARD1; Shihab SHAMMA1; 

Sam NORMAN-HAIGNERÉ1; Yves BOUBENEC1,2 

1 Laboratoire des Systèmes Perceptifs, Department of Cognitives Studies 

École Normale Supérieure, PSL Research University, CNRS, 29 rue d’Ulm, 75005 Paris, France. 

ABSTRACT 

Sensory systems are adapted to extract and encode relevant features from natural stimuli despite their 

complexity. However, how this information is organized spatially in the brain remains poorly understood. 

Here, we combined a novel computational approach contrasting the brain responses to synthetic sounds 

matching either part or all of natural acoustic features with a cutting-edge high-resolution neuroimaging 

technique, functional UltraSound. Using this unique combination, we set out to explore functional cortical 

domains at the basis of natural sound processing in head-fixed ferrets. 

We first mapped the classical tonotopy of ferret auditory cortex, highlighting core and belt regions. We 

then used a computational approach to confront auditory cortex responses with acoustic models of different 

complexity levels, based on cochlear and spectro-temporal modulation filters. We contrasted brain responses 

to original natural sounds and to synthetic sounds matching either part or all low-level original acoustic 

features. Doing so, we were able to reveal functionally distinct subregions in auditory cortex, based on either 

temporal or spectral features.  

We compared fMRI responses in humans and fUS recordings in ferrets to speech/music and their 

model-matched counterparts. Interestingly, we observed speech selective regions in the ferret auditory cortex. 

However, and contrary to the real speech- and music-selective response components observed in human 

non-primary regions (Norman-Haigneré, 2015/2018), model-matched stimuli evoked similar responses in 

the ferret. Because speech and music are not ecologically relevant sounds for ferrets, we wanted to test 

whether ferret auditory cortex could discriminate between ferret pup vocalizations and their corresponding 

model-matched versions. We observed differences in animal motor activity for original vocalizations 

compared to model-matched stimuli, indicating that the animal is able to perceptually discriminate these two 

classes of sounds. We are currently investigating the neural correlates of this capability in auditory cortex 

responses. Follow-up work will test if ferrets can innately discriminate original vs synthetic speech, or 

whether perceptual learning is necessary to do so. 

 

Keywords: natural sounds, model-matched sounds, functional UltraSound imaging 
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Theoretical underpinnings of statistical processing of complex sounds

Benjamin SKERRITT-DAVIS(1), Mounya ELHILALI(2)

(1)Johns Hopkins University, USA, bsd@jhu.edu
(2)Johns Hopkins University, USA, mounya@jhu.edu

Abstract
To make sense of our auditory surroundings, the brain tracks sound sources as they evolve in time, collecting
information over the recent context to construct a model of the external world. Two processes are at work here:
1) inferring the temporal window of relevant context, and 2) building efficient representations of contextual
information. Though both of these processes are pervasive in everyday listening, the computational mechanisms
behind them are poorly understood. We explore a perceptual model rooted in Bayesian theories of perception
that incorporates both of these processes, inferring the relevant context window from the acoustic input and
sequentially building statistical representations of sounds. Using experimental results from the laboratory, the
model is used as a springboard to interpret processes related to statistical tracking of the acoustic world and its
role in facilitating perception of complex sounds.
Keywords: Predictive processing, regularity extraction, sequential processing, perceptual modeling
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Temporal Integration Windows for Auditory Statistical Estimation 

Richard McWALTER1; Josh H. McDERMOTT1,2 

1 Massachusetts Institute of Technology, USA 

2 Harvard University, USA 

ABSTRACT 

Sound textures result from the superposition of many similar acoustic events, as arise from falling rain or 

galloping horses. Such sounds are often approximately stationary, and are thought to be represented in the 

auditory system with time-averaged statistics. Recent work has suggested that texture statistics can be 

averaged over windows as long as several seconds [McWalter and McDermott, 2018]. However, it remains 

unclear whether all statistics are averaged over the same extent, or whether averaging windows might differ 

across statistics, potentially adapted to the variability of the statistic. We measured integration windows for 

individual classes of statistics from an auditory texture model [McDermott and Simoncelli, 2011]. In a 

psychophysical experiment, listeners judged which of two sound textures was most similar to a reference 

texture. We measured performance for different stimulus durations, using textures synthesized to vary in 

individual classes of statistic. We found texture discrimination improved with stimulus duration but then 

leveled off, presumably signaling the averaging window used to estimate the statistics. However, the 

performance asymptote occurred at different durations for different statistics (from ~150ms to ~2.5s). The 

results reveal that the extent of time-averaging varies across texture statistics, as might be required for robust 

estimation of the statistics. 

 

Keywords: Sound texture, Temporal integration, Natural sound statistics 
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Foreground-background decomposition in complex auditory scenes 

Sabine THOMASSEN1; Alexandra BENDIXEN1 

1 Chemnitz University of Technology, Germany 

ABSTRACT 

Tremendous insight into auditory scene analysis has been gained by using two-tone sequences in auditory 

streaming paradigms as a simplified model scenario. Since natural acoustic scenes usually contain more than 

two potential sound sources, recent efforts strive towards studying scene analysis with more complex source 

configurations. Our current work along these lines focuses on the question of how perceptual foreground and 

background are decomposed. In a subjective-reporting procedure, we show that listeners spontaneously 

report hearing more than one sound source in the perceptual foreground at once. The perceptual background 

is addressed by combining behavioral measures with electroencephalography (EEG). Our results suggest that 

integrated and segregated representations of the perceptual background are held in parallel. We discuss these 

findings in the light of current theories and outline some methodological challenges. To face one of these 

challenges, namely the considerable effort in training and instructions in subjective-reporting procedures, we 

merged a visual multistability procedure with an auditory multistable stimulus and collected eye-tracking 

data alongside the auditory reports. Results show a good agreement between reported auditory perception 

and visual foreground formation as determined via eye movements. We will discuss whether eye-tracking is 

an adequate en passant method for continuous measurements in auditory perception. 

 

Keywords: auditory scene analysis, auditory stream segregation, electroencephalography (EEG) 

1. INTRODUCTION 

In everyday life, we continuously analyze our auditory environment to extract the sounds belonging 

to a sound source of interest. These sounds need to be segregated from the background noise and 

integrated into a coherent perceptual foreground. Various cues such as spatial location and frequency 

of individual sounds support this decomposition process and have been studied extensively with the 

help of alternating two-tone sequences (1,2). These sequences consist of repeatedly presented tones in, 

for instance, an ‘AB’ pattern, where A denotes a tone of a given feature and B denotes a tone that 

differs from A in the respective feature. Depending on the presentation rate and the amount of feature 

separation between A and B, they can either be perceived as integrated into one coherent stream or as 

segregated into two streams (1,2). The former alternative represents the auditory system’s 

interpretation that A and B were emitted by the same sound source, whereas the latter case represents 

separate sound sources (1). 

Perceptual organization alternatives in two-tone sequences are usually measured via 

subjective-reporting procedures, where participants indicate their perception continuously (3) or at the 

end of a sequence (4). Their perception can switch back and forth between various alternatives while 

listening to the sequence, a phenomenon called bi- or multistability (1,3,5,6). The beauty of 

multistability paradigms is that they enable investigations on perception without changing the physical 

input.  

With two-tone sequences, the number of perceptual organization alternatives is quite limited: the 

sounds are either integrated into one stream or segregated into two streams, one of which can be 

selected as the perceptual foreground (2). There are additional organization alternatives (6,7), but none 

of them implies more than two auditory sources. A natural environment, however, mostly consists of 

more than two auditory sources. Investigations on rather complex auditory scenes must handle a very 

high number of perceptual alternatives. The addition of just one more tone to the two-tone sequence 

(i.e., ’ABC‘) leads to a substantial increase of the number of perceptual organization alternatives. One 

advantage of these three-tone sequences is that not only foreground but also background formation can 

                                                        
1
 sabine.thomassen@physik.tu-chemnitz.de 

5685



 

 

be investigated, since there are perceptual organization alternatives with more than one tone in the 

background. We will present our recent findings on the foreground (8) and background (9) formation 

in these complex auditory scenes and discuss our approach for an en passant method for continuous 

measurements in auditory streaming paradigms (10). 

2. EMPIRICAL WORK 

2.1 Foreground formation in complex auditory scenes 

In a study on auditory multistability in complex scenes (8), we investigated whether the basic 

regularities of sound organization derived from two-tone experiments (1) can be extended to a 

three-tone arrangement (‘ABC’), where perception is confronted with many more organization 

alternatives. We expected increasing frequency and spatial separation to cause an increase of 

segregated percepts and a decrease of the integrated percept, as known from previous two-tone studies 

(1,3). 

 Participants listened to sound sequences of repeatedly presented ‘ABC’ tone patterns (with A as a 

low-frequency sinusoidal tone, B as a middle-frequency tone and C as a high-frequency tone). The 

sequences varied in frequency separation (∆f: 2, 4, 6, or 8) between A, B and C, as well as in the 

presence or absence of an interaural time difference (ITD). The ITD was a 500 μs onset delay to the 

right ear during A tone presentation and the same delay to the left ear during C tone presentation, 

creating the impression of the A tones coming from the left and the C tones coming from the right . 

Participants listened to the sequence for 5 minutes and continuously reported their subjective 

perception. They chose one out of 12 pictograms, each of which represented an auditory organization 

alternative, and switched to another pictogram whenever their perception changed.  

Participants were able to handle the procedure, and, in particular, the high number of report 

alternatives, as evidenced by their reports being systematic and plausible. Specifically, their reports 

were in line with findings on two-tone sequences: Spatial as well as frequency separation raised the 

proportion of stream segregation and reduced the proportion of the integrated percept (1,3). In addition, 

we found that tones of intermediate feature values (the B tones) were rarely perceived in the 

foreground, which is in line with findings from objective measurements showing difficulties in 

focusing on inner subsequences (11). Surprisingly, it was quite common for participants to report 

perceptual organization alternatives where two streams were in the foreground at once, e.g. A tones 

and C tones segregated into two streams but both equally in the foreground. One of the most often 

reported organization alternatives was one with two streams in the foreground, namely the percept 

with B and C tones integrated into one auditory stream and the A tones segregated in another stream, 

but both streams being perceived in the foreground. While studies on task-based procedures indicate 

that it is possible but difficult to pay attention to more than one stream (12,13), our results show that 

there are circumstances or tasks where the auditory system tracks multiple foreground streams  in 

parallel without being forced to do so. 

2.2 Background formation in complex auditory scenes 

In a second study (9), we addressed the processing of sounds in the background of complex 

auditory scenes after one stream has been established as the foreground. The question was whether the 

sounds in the background would be further disentangled into separate streams or not. As already 

mentioned, there are at least three different tones needed to address this question, since there must be 

two tones (creating two subsequences) in the background after one tone has formed the foreground. We 

combined a task-based procedure for foreground formation with an event-related brain potential (ERP) 

approach to infer on background processing. In detail, tone presentations in the two background 

subsequences followed specified timing and location regularities that were occasionally violated 

(deviant). We expected these deviants to elicit distinct MMN (mismatch negativity) patterns 

depending on whether the background subsequences were processed as segregated into two streams or 

as integrated into one stream. The MMN is a component in the auditory ERP that is elicited by rare 

deviations in an otherwise regular sequence of sounds (14). Since MMN elicitation does not require 

attention, it is a common tool for accessing auditory background processing (15,16). 

The tone sequences consisted of three sinusoidal tones, with about 4.5 semitones between two 

successive tones, repeatedly presented in an ascending order. Participants performed an intensity 

deviance detection task on one of the tones (A, B, or C), while the two remaining tones contained 

randomly varying intensities. This task requires perceptual separation of the task-relevant 
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(foreground) and the task-irrelevant (background) subsequences in order to avoid false alarms based 

on high-intensity tones from the task-irrelevant subsequences.  

To address processing of the background subsequences, two additional parameters were 

systematically manipulated: location and timing. Locations (ITD: 500 μs onset delay to the right or left 

ear) in the two background subsequences changed randomly between left and right. In order to 

establish regularities, four identical locations in a row were introduced occasionally into one of the 

two background subsequences, while locations in the other background subsequence kept randomly 

changing. The fifth tone presentation within the location-regular subsequence contained a location 

change (deviant). These location deviants were expected to elicit an MMN only if the background 

subsequences were processed as segregated into two streams because, in an integrated stream, the 

location regularity in one subsequence would be hidden by the randomly varying locations in the other 

subsequence. This approach is a useful tool for indirect measures of segregation, although it is mostly 

implemented with intensity deviations (15,17). 

The second background parameter was timing. Timing deviants were tones with a 50-ms earlier 

onset than standards, creating a reduced SOA of 100 ms instead of 150 ms between the previous tone 

and the deviant tone (for compensation, the following SOA was prolonged by 50 ms). The preceding 

tone of a timing deviant was either a task-irrelevant tone or a task-relevant tone. Since foreground and 

background tones were segregated, the actual background-tone SOA in the latter case was twice the 

standard SOA (300ms). Hence, there were long-SOA timing deviants (250 ms) for tones following a 

task-relevant tone and short-SOA timing deviants (100 ms) for tones following task-irrelevant tones. 

Only short-SOA timing deviants were expected to elicit an MMN if the task-irrelevant subsequences 

were processed as integrated into one coherent stream. This assumption is based on two findings. First, 

it is known that temporal and order relations are easier to identify within a stream than between 

streams (18,19). In line with this, there should be no MMN following timing deviants, neither short - 

nor long-SOA, if the task-irrelevant subsequences were processed as two segregated streams. Second, 

an MMN following timing deviants or complete stimulus omissions is elicited only when the stimulus 

onset asynchrony (SOA) is shorter than 150 to 200 ms (20,21). According to this, there should be no 

MMN following long-SOA timing deviants but only short-SOA timing deviants if the task-irrelevant 

subsequences were processed as one coherent stream.  

Two hypotheses were contrasted: If the tones in the background were processed as two separate 

streams, we expected no MMN to either of the timing deviants, but an MMN to location deviants. On 

the contrary, if the tones in the background were processed as one coherent stream,  we expected an 

MMN following short-SOA timing deviants, but no MMN to long-SOA timing deviants and no MMN 

to location deviants. 

Participants’ performance in the intensity deviation task indicated that a foreground stream was 

successfully established for each task tone (A, B, and C) and that the assumption of the remaining 

tones creating the perceptual background was valid. Regarding background processing, an MMN was 

elicited by location deviants in each task-tone condition, providing evidence in favor of the 

background-segregation hypothesis. However, short-SOA timing deviants also elicited an MMN-like 

component when A and C tones were task-relevant, whereas long-SOA timing deviants did not elicit an 

MMN. This finding is in line with the background-integration hypothesis.  

Thus, we found positive evidence for background integration and segregation in parallel . After 

ruling out a number of alternative interpretations for this finding (9), we suggest that both mental 

representations were concurrently active in the background. Our findings also imply that the MMN 

does not directly measure the selection of a given perceptual alternative, but the availability of a 

mental representation. This interpretation is supported by previous findings on two-tone sequences 

(22,23). 

2.3 Verifying auditory subjective reports with eye-tracking 

From a methodological point of view, there are several challenges in measuring auditory processing, 

regardless of whether the foreground or the background is addressed. Objective methods such as task- 

or EEG-based procedures are indirect measures of the current perceptual organization since one has to 

deduce the percept from a given behavior or the elicitation of a component in the ERP (see the 

background formation study (9)). These methods are additionally limited by sparse sampling 

(especially when based on deviance detection as a performance measure) and by the signal-to-noise 

ratio in the case of physiological measurements. Sparse sampling implies that the percept is only 

queried at discrete time points, such as at every tenth stimulus on average. This prolongs data 
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collection by a factor of ten, and might fail to capture fast changes in perception .  

On the contrary, there are methods where participants are asked to directly report their subjective 

perception. These methods are easily implemented as continuous measures (see the foreground 

formation study (8)), whose sampling rate is only limited by the sampling rate of the employed 

response device. This makes them very economical and highly accurate regarding temporal resolution. 

They also correspond well with performance (4) and MMN-based methods (24) in most cases. 

However, report measures are difficult to verify, and their validity is more sensitive to variations in 

instructions, training and categorization abilities than objective measurements. The described 

foreground study (8), for instance, entailed a long training where participants practiced not only 

identifying their current percept but also handling the high number of response options. 

Instructions and training would be less effortful if there were methods to capture the participants’ 

perception en passant – in other words, without asking them. This is called a no-report paradigm and 

has already been established in vision (25,26). Visual no-report methods benefit from the observability 

of the eyes: Reflexive behaviors such as pupil dilation or the optokinetic nystagmus (OKN) are used to 

identify the perceptual state of the observer (25,27). For instance, when two different images that 

cannot be fused are presented, each to one eye, only one of the images is perceived at any given 

moment, and the perceptually dominant image alternates over time (binocular rivalry (28)). A 

no-report version of this binocular-rivalry paradigm can be created by having gratings drift in opposite 

directions – the slow phase of the OKN reliably follows the perceptually dominant grating in this case 

(25). We combined this visual no-report paradigm with auditory multistability to develop an en 

passant measure of the perceptual state in audition. Our aim was to create a binocular-rivalry stimulus 

whose dominant percept would be controlled by the currently dominant auditory percept.  We 

associated each subsequence of a two-tone sequence with one of two binocularly presented gratings 

and hypothesized that the OKN slow phase follows the grating corresponding to the subsequence that 

was perceived in the foreground. 

The auditory stimuli were two subsequences of sine tones, 400 Hz (A) and 1008 Hz (B), that were 

presented with an inter-tone interval of 400 ms and 600 ms, respectively. Frequency separation was 

rather high (16 semitones) in order to provoke a large proportion of segregated percepts.  Participants 

listened to the sequences and continuously indicated whether they perceived the A tones, the B tones , 

or both tones equally in the foreground. Visual stimuli were two horizontally-drifting gratings one of 

which was presented to each eye. To induce binocular rivalry, the gratings were distinct in color (blue 

or red bars on a grey background) and motion direction (left or right). Each grating was associated with 

one subsequence by a pattern of square holes on the colored bars that jumped vertically in temporal 

synchrony with the respective tone onsets. 

While participants continuously reported their auditory perception, they watched the gratings 

without paying attention to them, and their eye-movements were recorded. Since each tone-onset was 

associated with one grating drifting either to the left or the right , we expected eye movements in the 

corresponding direction, as extracted from the OKN slow phase. 

Blinks, OKN fast phases (reorientation of the eye position), and phases in which the integrated 

percept (or both subsequences segregated but equally in the foreground) was reported were removed 

from the data. The correspondence of auditory foreground stream and OKN slow-phase direction was 

quantified by two measures: the signed gain and the d-prime. These measures were positive whenever 

the OKN slow-phase direction matched the motion direction of the grating that was associated with the 

reported foreground tone, and they were negative when the OKN matched the motion direction of the 

grating associated with the other tone. The signed gain, in addition, contained the velocity of the eye 

movements relative to the velocity of the gratings. 

Three experiments were performed with this paradigm, and all of them showed an above-chance 

correspondence between eye movements and auditory perception, as evidenced by the signed gains 

and d-primes significantly exceeding zero. In the first experiment, this correspondence emerged only 

across the course of the experiment, while there were no significant effects in early blocks. To test 

whether this was caused by training effects on the auditory task or by a growth of the audio -visual 

coupling, we performed a second experiment with a prolonged auditory training phase. This time, both 

measures differed significantly from 0 during early and late blocks. A third experiment confirmed this 

observation by simplifying the reporting task via changing the timing of the tone presentations. Instead 

of a fixed interval within each subsequence, the tone-onsets were randomly placed in a 100-ms time 

window, with 200-ms intervals between successive tones. This increased the probability of stream 

segregation, and likely had effects on the strength of the audiovisual coupling as well (see (9) for 
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discussion). 

To sum up, we showed the OKN slow phase induced by a visual multistable stimulus to match the 

reported subjective perception of an auditory multistable stimulus. Although the association was far 

from perfect, it shows the principle feasibility of tagging the perception of two-tone sequences by 

visual rivalry. 

3. CONCLUSIONS 

We outlined three studies on auditory scene analysis. Two of them addressed the organization of 

perceptual foreground and background in an auditory scene of higher complexity than the scenes 

typically chosen for investigations of auditory stream segregation and multistability. The third study 

proposed an en passant measure for auditory perception that might facilitate investigations on 

complex auditory scenes in the future. 

Our first study indicates that the formation of the auditory foreground in three-tone sequences 

(complex scene) follows the same rules as in two-tone sequences (rather simple scene). We also found 

a surprisingly high proportion of perceptual organization alternatives with more than one (even 

complex) foreground stream at once. This was not expected because task-based studies show that 

attending to more than one stream requires a lot of training or effort (12,13). Nevertheless, it seems 

that the auditory system forms perceptual organizations comprising more than one sound source in the 

foreground without being forced to do this. Hence, subjective-reporting procedures should not 

implicitly assume a certain foreground-background distinction, but directly examine this distinction. 

In our second study we found that the formation of the auditory background is also surprisingly 

complex. It seems that the mutual exclusivity of auditory integration and segregation (2) does not hold 

when it comes to background formation. Auditory background processing might be more complex and 

more flexible than assumed previously. 

In summary, the seemingly simple addition of one more tone to the ‘AB’ stimulus pattern that is 

mostly used for studying auditory scene analysis, be it foreground or background (1–3,6,7,16,24), has 

the potential to uncover novel aspects of how sounds are mentally organized into sound source 

configurations. The three-tone ‘ABC’ sequence enables the verification of knowledge from two-tone 

sequences, gives insights into perceptual background formation, and shows that there might be 

implicit and explicit assumptions on auditory scene analysis that  do not generalize to complex scenes.   

We are convinced that three-tone sequences, like the ones we employed in the current work, have 

the potential to uncover further important properties of auditory scene analysis. For building models of 

auditory stream formation, it is, for instance, important to know whether all possible ways of grouping 

the stimulus input are considered, or whether some organizations are excluded a priori. Along these 

lines, we found some evidence in our work (8) for background integration being impossible when the 

foreground stream contained the intermediate tones (B tones). Follow-up studies will examine whether 

this finding generalizes, and if so, what the underlying mechanism might be.  It will also be important 

to study how the auditory system avoids combinatorial explosion when faced with an overwhelming 

number of grouping alternatives. 

Extensions of the three-tone sequences towards situations with even more possible sound source 

configurations will unavoidably face challenges in training listeners to report their perception. These 

challenges could partly be relieved if perception could be queried without directly asking the listener. 

In our third study (10), we developed a new methodological approach where we used eye-movements 

linked to a visual multistable stimulus as a measurement tool for auditory perception. Since 

eye-movements and the reported auditory foreground formations were in good agreement, we believe 

that this approach has the potential to become a first en passant measure for auditory perception. At the 

very least, it can be used to verify that listeners’ perceptual reports are plausible  – in a research field 

that still debates about the validity of subjective and objective measurements (and validity of the 

resulting findings), this is a highly beneficial methodological addition. 
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Abstract:  

  

 Stimulus-specific adaptation (SSA) is the reduction in the responses to a common 

sound relative to the same sound when rare and was  originally described in the primary 

auditory cortex as the neuronal correlate of the mismatch negativity (MMN). The neural 

sources of MMN have been located mainly within non-primary auditory cortex in humans 

and animal models. Moreover, SSA is also present as early as in the auditory midbrain and 

thalamus (IC and MGB). 

 In this talk, I will show our recent findings on recordings from single neurons in the 

IC, MGB and auditory cortex (AC) of anaesthetized rats and awake mouse to an oddball 

paradigm similar to that used for MMN studies. Our data demonstrate that most neurons in 

the non-lemnical divisions of the auditory brain show strong SSA and that there is a  

hierarchical emergence of prediction error signals along the central auditory system.  

 Taken together our results unify three coexisting views of perceptual deviance 

detection at different levels of description: neuronal physiology, cognitive neuroscience 

and the theoretical predictive coding framework. 
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ABSTRACT 

Perception can be thought of as an act of inference, and the brain as a predictive machine continuously 

generating internal models of the causal dynamics of the world in an attempt to interpret its observations. 

According to the predictive coding theory, feed-forward prediction errors and feedback predictions flow 

across hierarchically organized brain areas in distributed neuronal assemblies that support neuronal 

representations. Despite the prevalence of this theory in the interpretation of brain function and the wealth of 

studies showing indices of prediction errors in neural responses, very few studies have actually found 

evidence for predictive brain activation, nor it is clear how far high-order predictions can travel upstream the 

hierarchy. Here we present two studies aiming to shed some light on these questions. In the first study, we 

show how the hemodynamic response of primary and secondary auditory areas is modulated by expectancy, 

increasing towards the predicted appearance of a sound according to local stimulation probabilities. In the 

second study, we show that lexically driven predictions about word endings generate early prediction error 

signals at different stages of the auditory system hierarchy, and that such predictions are even capable to 

modulate the early stages of acoustic encoding.. 

 

Keywords: Online statistics, predictive coding, auditory evoked potentials, frequency-following response 
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ABSTRACT 

I will present ongoing work in my lab using brain imaging (EEG, MEG and fMRI), behavioural and 

eye-tracking (pupillometry) experimentation to reveal how human listeners discover patterns and 

statistical regularities in rapid sound sequences1-7. Sensitivity to patterns is fundamental to sensory 

processing, in particular in the auditory system, and a major component of the influential ‘predictive 

coding’ theory of brain function2,3. Supported by growing experimental evidence, the predictive 

coding framework suggests that perception is driven by a mechanism of inference, based on an 

internal model of the signal source. However, a key element of this theory - the process through which 

the brain acquires this model, and its neural underpinnings - remains poorly understood. Our 

experiments focus on this missing link. The research approach, based on measuring behavioural and 

brain responses to rapid tone-pip sequences governed by specifically controlled rules along a variety 

of feature dimensions enables us to address questions related to (1) how the brain discovers patterns in 

sound sequences, (2) which neural mechanisms are involved, (3) to what degree the process is 

automatic or susceptible to attentional state and behavioural goals of the listener. 

 

Keywords: Auditory Scene Analysis; perception  
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EXTENDED ABSTRACT 

One of the most challenging clinical issues in patients with prolonged disorders of 

consciousness (PDOC) is to reliably estimate their residual, conscious perception of the 

environment. Vegetative state (VS; recently termed unresponsive wakefulness syndrome, 

UWS; (Laureys et al., 2010)) patients are believed to retain basic reflexes or sleep-wake cycles 

while remaining entirely unaware of self and environment (Monti et al., 2010). On the contrary, 

minimally conscious state (MCS) patients seem to preserve residual cortical functioning 

together with displaying clear but inconsistent signs of awareness (Giacino and Schiff, 2009). 

Upon emergence from a minimally conscious state (EMCS) patients recover functional 

communication, although they often remain cognitively impaired (Di Perri et al., 2016). Several 

active (e.g. Cruse et al., 2011) and passive (e.g. King et al., 2013) neuroimaging paradigms 

have recently suggested that some patients clinically classified as UWS can reveal signs of 

awareness and volitional control which argue that these patients should actually be classified 

as MCS, EMCS or locked-in syndrome (LIS). Considering that selection and administration of 

the appropriate rehabilitation programs necessarily require determination of the consciousness 

state, objective quantitative classification methods will facilitate PDOC treatment. 

Following severe brain lesions that lead to PDOC states, it was suggested that the 

auditory system is less likely to be damaged in comparison with other parts of the brain 

(Kotchoubey et al., 2015). Moreover, audition was recently suggested to be particularly 

sensitive to fluctuations in the level of consciousness (Boly et al., 2004; Demertzi et al., 2014; 

Schiff et al., 2005). The results of a number of auditory studies that attempted to assess 

conscious processing in PDOC patients, using simple sounds (e.g. Binder et al., 2017), 

complex sound sequences (e.g. Faugeras et al., 2012; but criticized by Tzovara et al., 2015), 

familiar sounds (Heine et al., 2015; Perrin et al., 2015), or speech (e.g. Steppacher et al., 2013, 

but contrary to Rohaut and Naccache, 2017) are still incomplete and partially inconsistent.  

In the present study, we build on previous studies by (1) investigating multiple subject 

groups in the same paradigm, from healthy responding subjects to unconscious patients, and 

(2) presenting common naturalistic auditory textures i.e. complex sounds whose stimulus 
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statistics change at a random time during stimulus presentation. Detecting these changes is a 

challenging, real-world task: in natural sounds, changes may occur unexpectedly, signaling 

potential dangers, consider for example listening to a busy street and discerning a car that 

turns towards you. Detecting these changes requires listeners to be aware of the recent 

acoustic statistics (McDermott et al. 2011, Boubenec et al. 2017).  

Analysis of the ERP at the onset of the stimulus could distinguish some groups, but not 

the supposedly conscious (Responding, Passive, MCS), from the supposedly unconscious 

groups (Asleep, UWS). Further, we find that a well-known parietal signal (CPP, Centroparietal 

Positivity, O'Connell et al. 2012), that has been described previously to indicate the integration 

of evidence, is absent for both deep NREM sleep (first cycles during the night) as well as for the 

UWS and MCS patient groups. 

Turning to an alternative analysis, we assessed dynamical complexity of the neural 

response at the transitions of stimulus statistics using the Lempel-Ziv (LZ) algorithm. The LZ 

algorithm can simultaneously quantify integration and differentiation in the nervous system 

(Casali et al., 2013; Schartner et al., 2015; Wu et al., 2011) and thus has been proposed to 

estimate the state of consciousness irrespective of other related processes (Tononi et al., 

2016). The results showed that LZ complexity distinguished conscious (Responding, 

NonResponding, MCS) from unconscious (NREM sleep, UWS) subjects, achieving high, 

cross-validated accuracy even on a single subject basis (~92%, r=0.8, p<<0.001).  

  In summary, EEG signal complexity during onset and changes of complex 

acoustic stimuli provides an objective criterion for distinguishing states of consciousness in 

clinical patients. These results suggest a path toward a cost-effective tool to choose 

appropriate treatments for non-responsive PDOC patients. 
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ABSTRACT 
In this study, we investigated differences between a hearing impaired (HI) and a normal hearing (NH) group 
on subjective, behavioural and neurophysiological measures of speech processing and listening effort. We 
fitted both groups with a hearing aid (HI for hearing loss compensation and NH with minimal amplification 
for comparison), and asked them to perform a speech-in-noise task. The target speech was presented in multi-
talker babble noise in two SNRs (+5dB and 0dB). The hearing aid had three different settings: hearing loss 
compensation only, noise cancelling and beam forming. EEG (64 channels) was recorded during the 
experiment in order to analyse cortical entrainment as well was intersubject correlation. Results revealed a 
marked difference between cortical entrainment and other measures; whereas the subjective listening effort 
measure, behavioural performance (intelligibility) and intersubject correlation (as a measure of auditory 
attention) showed relatively small differences between the NH and the HI group, we found substantially 
larger cortical entrainment for the HI group, specifically in higher SNRs (+5dB). We suggest that these results 
might indicate that processing is altered for hearing impaired people specifically in the auditory stage.   
 
Keywords: Hearing impairment, listening effort, EEG 

1. INTRODUCTION 
Compared to normal hearing people, hearing impaired people suffer from increased difficulties to 

understand speech in noisy conditions. Neurophysiological measures of online speech processing can 
be used to investigate this increased difficulty. Among those, there are two specifically that have been 
associated with auditory attention: neural entrainment and intersubject correlation. Neural (cortical) 
entrainment originates from neural oscillations in the cortex, which become phase-locked to low-
frequency temporal modulations of speech (1, 2). Previous research has shown that selective attention 
can enhance cortical entrainment (3, 4, 5). Intersubject correlation (ISC), as a measure of similarity 
of the neural response between subjects, has been found to be significantly enhanced when listeners 
actively attend to a stimulus (6).  

Based on previous findings and in conjunction with subjective and behavioral data, this study 
investigated differences in cortical entrainment and ISC between a normal hearing and a hearing 
impaired group. Additionally, the effect of algorithms commonly implemented in hearing aids (noise 
reduction algorithms, directional microphones) on our measures was assessed.  

2. RESULTS 

2.1 Cortical entrainment 
Coherence in low-frequency regions (2-8Hz) to the target speaker was found to be significantly 

increased in the hearing impaired group, compared to the normal hearing group. Statistical analysis 
revealed a significant effect of condition (χ2 (5) = 56.489, p < 0.0001), group (χ2 (1) = 6.7371, p < 
0.001) as well as the interaction between group and condition (χ2 (5) = 34.409, p < 0.0001). 
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Figure 1 – Cortical entrainment for the hearing impaired and normal hearing groups 

 

2.2 Intersubject correlation 
For both groups, intersubject correlation (ISC) was higher for the easier noise conditions (+5dB 

SNR) than for the hard conditions (0dB SNR). Additionally, the normal hearing group showed a clear 
trend of higher ISC for conditions with enhancement compared to those without. For the hearing 
impaired group, this trend was less consistent. Statistical analysis (model comparison) revealed a 
significant effect of condition for both the normal hearing and the hearing impaired group (NH: χ2 (5) 
= 59.554, p < 0.0001, HI: χ2 (5) = 31.14, p < 0.0001). We found no significant difference in ISC 
between the two groups (χ2 (1) = 0.0172, p = 0.8956). 

 

 
Figure 2 – Intersubject correlation for both groups 

 

 

3. CONCLUSIONS 
While cortical entrainment was significantly different between the hearing impaired and the normal 

hearing group, no such effect was found for ISC. These findings indicate that both groups were paying 
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attention at similar levels, but that processing specifically in the auditory stage was altered i n the 
hearing impaired group. 
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ABSTRACT 

The verbal transformation effect is a phenomenon that occurs when a person hears a repeated single word 

without pause and illusory changes in the physically unchanging word are induced. There are few studies of 

the verbal transformation effect in Japanese. Therefore, in this study, we examine whether the verbal 

transformation effect occurs with respect to changes in the inter stimulus interval (ISI) in Japanese. The 

studied ISIs were 0 sec, 0.02 sec, 0.05 sec, 0.1 sec, and 0.15 sec. The subjects were 16 native Japanese 

university students. The stimuli consisted of a word with three syllables. We found that the perceptual 

transition time changed with changes in the ISI. “The number of perceived stimuli” until the perceptual 

transition occurred was 24.7 for an ISI of 0 sec but 57.4 for an ISI of 0.15 sec. ANOVA showed a significant 

effect for “the number of perceived stimuli” (F(4,73) = 2.585 (p = 0.0439)). Moreover, a post hoc test 

revealed that “the number of perceived stimuli” for an ISI of 0.15 s was significantly larger than that for an 

ISI of 0 sec (p = 0.0051). The mechanisms for the verbal transformation effect are discussed. 

 

Keywords: ISI, Satiation, Delay 

1. INTRODUCTION 

Listening to repetitions of a single word without a pause induces illusory changes in the physically 

unchanging word. For example, “tress” may be transformed into a variety of verbal forms, such as 

“dress,” “stress,” “drest,” or even “Esther” (1, 2). This phenomenon is known as the verbal 

transformation effect (VTE) (1). Warren has examined the influence of F0, loudness, and noise on the 

VTE in English (1). 

In Japanese, Kondo and Kashino (3) and Kashino and Kondo (4) have studied VTE in terms of brain 

science. Using fMRI, they found that the left inferior frontal cortex, the anterior cingulate cortex, and 

the left prefrontal cortex are activated during this perceptual transition. Few studies to date, however, 

have examined the VTE in terms of behavioral science in Japanese. This is a preliminary study to 

analyze the mechanisms of VTE in terms of behavioral science. 

The perception of speech is satiated due to repeated activation (2). We examined whether 

perceptual transitions occur with and without pauses. In addition, because the state of satiation 

changes due to the inclusion of pauses, we also measured how long it takes for perceptual transitions to 

occur. 

 

2. METHODS 

2.1 Stimuli and subjects 

The stimulus was /banana/ uttered by a male native Japanese speaker. /banana/ is an actual Japanese 

word for which VTE has been found to occur (3) (Figure 1). 
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The subjects were 16 native Japanese university students aged 21–23 (4 males and 12 females). The 

subjects were instructed to listen to the stimulus sequences and then click a button on a computer 

display when they perceived a change in the sound. 

 

 

 

 

 
 

Figure 1 – Wave form of /banana/ 

 

2.2 Procedure 

The subjects heard five sequences through their headphones. To avoid influences due to the 

presentation order (ISIs of 0 sec, 0.02 sec, 0.05 sec, 0.1 sec, and 0.15 sec), the subjects were divided 

into two groups. Each group consisted of eight subjects. 

 

 The ascending order (ASC) group heard the stimulus sequences in the following order: 

/banana/ with a 0-sec ISI, /banana/ with a 0.02-sec ISI, /banana/ with a 0.05-sec ISI, /banana/ 

with a 0.1-sec ISI, and /banana/ with a 0.15-sec ISI. 

 The descending order (DSC) group heard the stimulus sequences in the following order: 

/banana/ with a 0.15-sec ISI, /banana/ with a 0.1-sec ISI, /banana/ with a 0.05-sec ISI, /banana/ 

with a 0.02-sec ISI, and /banana/ with a 0-sec ISI. 

 

The start time of the sequences (t0) and the click time (tc) were recorded on a computer, and the 

perceptual transition time (PTT) was calculated by subtracting t 0 from tc. Then, the number of 

perceived stimuli prior to the occurrence of a perceptual transition was calculated via the following 

formula: 

 

the number of perceived stimuli = PTT / (stimulus length + ISI), where the stimulus length was 

0.365 sec. 

 

The values of “the number of perceived stimuli” obtained from the individual subjects were 

averaged for each ISI. After the perception tests were completed, we asked each subject what they 

perceived the sound to be. 

 

3. RESULTS 

 

In the case of the DSC group, a perceptual transition did not occur for one subject for ISIs of 0.1 sec 

and 0.15 sec. Figure 2 shows the results for the ASC group, and Figure 3 shows those for the DSC 

group. In the case of the 0-sec ISI, “the number of perceived stimuli” for the ASC group was 31.0 and 

that for the DSC group was 18.5. In the case of the 0.15-sec ISI, “the number of perceived stimuli” for 

the ASC group was 55.3 and that for the DSC group was 59.7. Namely, in the cases of 0-sec and 

0.15-sec ISI, “the number of perceived stimuli” in the ASC group did not differ from that in the DSC 

b    a      n     a      n   a 
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group. An ANOVA with two factors, Order and ISI, was performed. The ANOVA showed a significant 

main effect for the ISIs (F(4,68) = 2.802 (p = 0.0324)) but not for the Orders (F(1,68) = 2.025 (p = 

0.1593)) and for the interaction (F(4,68) = 2.0166 (p = 0.1020)). The Order was not significant; 

therefore, the data from the ASC and DSC groups were pooled (Figure 4). In these pooled data, an 

ANOVA showed significant difference for the ISI (F(4,73) = 2.585 (p = 0.0439)). The post hoc test 

showed a significant difference between the 0-sec ISI and the 0.15-sec ISI (p = 0.0051). 

 

 

 

Figure 2 – The effect of ISI in the ascending order group 

 

 

 

Figure 3 – The effect of ISI in the descending order group 
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Figure 4 – The effect of ISI in the pooled data 

 

 

4. DISCUSSION 

 

A perceptual transition occurred when the ISI was 0.02–0.15 sec. As the ISI lengthened, there was 

an increase in “the number of perceived stimuli.” The stimulus length of /banana/ was 0.365 sec 

(Figure 1). When the ISI was 0 sec, subjects heard the stimulus approximately 24.7 times before a 

perceptual transition occurred; however, when the ISI was 0.15 sec, they heard it approximately 57.4 

times before a perceptual transition occurred. Therefore, the subjects needed to hear more stimuli 

before the perceptual transition when the ISI was 0.15 sec than when it was 0 sec. One explanation for 

this phenomenon is satiation (2, 5, 3). Subjects satiate when they hear repeated stimuli, which triggers 

a criterion shift in the category boundary, which in turn leads to a perceptual transition. According to 

a study by Efron (6), the speech rate in everyday speech is ~12 phonemes/sec (the length of one CV 

syllable is approximately 0.16 sec). The length of one syllable in /banana/ in this study is 0.122 sec 

(0.365/3). Therefore, an ISI of 0.15 sec is nearly equal to the duration of one syllable. A pause 

equivalent to one syllable may delay or relax satiation. 

 

 

5. CONCLUDING REMARKS 

 

Even though the verbal transformation effect has generally been thought to occur only when there 

are no pauses between the repeated stimuli, we found in this study that it occurred in cases of inter 

stimulus intervals (ISI) of 0.02 sec, 0.05 sec, 0.1 sec, and 0.15 sec. When the ISI was 0 sec, 24.74 

repetitions of /banana/ were perceived before a perceptual transition occurred. However, when the ISI 

was 0.15 sec, 57.4 repetitions of /banana/ were perceived before the transition occurred. Therefore, 

an increase in the ISI could result in reduced or relaxed satiation. 
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ABSTRACT 
Listening to speech in noise induces increased cognitive effort and fatigue. Effort is mediated by listener 
characteristics such as nativeness or hearing status. Moreover, noise-related issues can be exacerbated by 
talker differences. Nevertheless, past research has so far not related talker differences to cognitive effort. 
Based on an anechoically recorded corpus of sentences spoken by sixteen Southern British English speakers, 
we conducted listening experiments in combination with pupillometry. We presented temporally or spectrally 
distorted speech (using time-compression and noise-vocoding, respectively). Furthermore, undistorted 
speech was presented in quiet and embedded in speech-shaped masking noise. Intelligibility measures were 
obtained based on keywords recalled correctly. Listening effort was measured by tracking pupil size over 
time. Our results show that peak pupil dilation increased for both distorted and masked speech. Peak pupil 
dilation also increased for less intelligible talkers in the temporally degraded condition. The results indicate a 
link between speaking rate differences and listening effort and will be discussed in the context of models of 
listening effort. 
 
Keywords: listening effort, pupillometry, speech intelligibility, speaking rate 

1. INTRODUCTION 
Pupillometry is widely used to measure listening effort in normal-hearing or hearing-impaired 

populations (1). It has recently been suggested that talker-specific variations such as accent should be 
considered in frameworks of listening effort (2). Besides accents, talkers differ in their intrinsic 
intelligibility that can be determined by a combination of acoustic-phonetic features, including 
speaking rate (3). Intrinsic intelligibility is often measured in masking noise, but has been found to be 
preserved in other listening conditions such as those involving spectral degradations (4). Even though 
slower speaking rates have been observed for highly-intelligible talkers (3), other studies did not find 
consistent evidence for the role of speaking rate (5). The role of speaking rate has been investigated 
further by artificially shortening or lengthening utterances, with most studies concluding tha t speaking 
rate changes do not benefit intelligibility (6, 7). It is possible that a slower speaking rate, even in the 
absence of intelligibility benefits, bears a cognitive processing advantage. In recent years, 
pupillometry has been used to investigate the cognitive effects of listening to speech in noise (8). A 
recent study (9) investigated the effects of speaking rate on task-evoked pupil dilation when listening 
to speech in quiet. Across listener age-groups, no effect was found. This null result could have been 
due to the relative ease of adapting to faster speaking rates in noise-free environments (10). In a noisy 
or degraded listening environment, these effects might be elevated.  In this study, we tested the impact 
of masking, spectral and temporal degradation on intelligibility and listening effort . We also 
investigated intrinsic speaking rate differences between talkers for the same dependent measures.  
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2. Methods 

2.1 Participants 
Sixty-four normal-hearing native speakers of British English were recruited for the experiment (40 

females; mean age = 22.26; age range, 18 - 37). They were either reimbursed for their participation 
following the guidelines of the Division of Psychology and Language Sciences at UCL or given credits. 
Hearing ability was established by a standardised audiometric test at the beginning of each testing 
session. Exclusion criteria were thresholds above 30 dB HL at any of the tested frequencies (0.25, 0.5, 
1, 2, 4, 8 kHz). One participant was excluded post-hoc despite good hearing thresholds because he 
could not identify any words in the spectral condition. 

2.2 Materials 
We used anechoic recordings of 16 Southern British English speakers: eight older adults (four 

females; mean age = 71.00; age range, 61 – 77) and eight younger adults (four females; mean age = 
26.75; age range, 22 - 33). Sentence material were low-predictability and phonetically balanced 
Harvard sentences (11) adapted for British English. We presented 192 sentences in total, divided into 
four lists of 48 items each, matched for duration. The same keyword did not appear more than twice 
within the same list. Items were rms-normalised in Praat (12) and the output level was calibrated at 70 
dB SPL. We created a temporal distortion by time-compressing speech at a rate of 37 %. We applied 
the pitch-synchronous overlap-add implementation in Praat (12). We created a spectral distortion by 
dividing the original signal into six frequency bands spaced according to the cochlear 
frequency-position function (13). Amplitude envelopes were extracted from each band by applying a 
4th-order Butterworth low-pass filter with a cutoff frequency at 256 Hz and half-wave rectification. 
The envelopes were then used to modulate white noise. We created a noise masker by extracting the 
long-term average spectrum of a separate set of recorded sentences and generating noise with the same 
spectrum. The masker was added to the original signal at a signal-to-noise of -1 dB. 

2.3 Design and Procedure 
Items were presented to each listener in all three experimental conditions (Spectral, Noise, 

Temporal) and in quiet, with a different talker in each condition. Each talker was therefore heard by 
four listeners in each condition, i.e., by 16 listeners in total. Participants wore headphones (Sennheiser 
HD 25 SP II) throughout the experiment. Pupil recordings were obtained using an EyeLink 1000 
table-mounted eye-tracker at a distance of 55 cm from a chin rest. A sampling rate of 500 Hz was used. 
The light level was kept constant at 130 lux. For participants with very large or very small resting state 
pupil sizes, the light level was individually adjusted (14). The experiment started with eight practice 
trials in which sentences in quiet were presented to the participants. Practice talker and sentences were 
not contained in the experimental lists. After hearing a sentence, participants repeated back the 
identified words and the correctly identified words were selected by the experimenter on a separate 
control screen. The experiment was implemented in Matlab (15). 

2.4 Analysis 
Time series of pupil size data were preprocessed in the following way: first, gaps of missing data 

were extended (16). Trials that contained more than 40% missing data were removed. This resulted in 
an average of 42.95 trials per condition entering the analysis. We applied linear interpolation to 
missing values. Outliers were defined as Tukey’s fences (17) and were replaced by the value of the 
95th and the 5th percentile, respectively. Divisive baseline correction was applied using the mean of a 
pre-trial baseline. One single value was extracted for further analysis, the peak dilation, by finding the 
maximum dilation within a range from 1000 ms after sentence onset and 3000 ms after sentence offset. 
Both keyword recall and peak pupil dilation data were then aggregated across trials for each listener 
and condition. Statistically, we investigated differences between listening conditions, with listeners as 
random effects. We used linear mixed effects models (18) with Satterthwaite’s degrees of freedom 
method. In all models, we allowed random intercepts. For multiple comparisons, Bonferroni 
adjustments were made. To obtain a measure of speaking rate for each talker, we measured the 
sentence duration from the onset of the first word to the offset of the last word. The number of syllables 
was calculated for each sentence in text form using the package quanteda in R (19) and the speaking 
rate was then defined as the number of syllables over sentence duration. 
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3. Results 

 
Figure 1 – Recall scores and peak pupil dilation for all listeners and conditions. 

 
There was a significant main effect of condition for recall scores [ ]. 

Pairwise comparisons showed that recall was worse for all three manipulations compared to Quiet 
[ ]. Recall for Spectral was worse than recall for both Noise and Temporal [ ] while 
recall for Noise was worse than recall for Temporal [ ]. There was a significant main effect of 
condition for the peak pupil dilation [ ]. Pairwise comparisons showed 
that dilation was larger for all three manipulations compared to Quiet [ ]. Dilation for Spectral 
was larger than dilation for both Noise and Temporal [ ]. Dilation for Noise was not larger than 
dilation for Temporal, contrary to recall scores. The peak pupil dilation correlated negatively with 
recall scores only for Temporal [ ]. 

 
Figure 2 – Recall scores and peak pupil dilation as a function of talker speaking rate. 

 
There was a significant negative correlation between speaking rate and recall scores for Temporal 

[ ]. There was also a significant positive correlation between speaking rate and peak 
pupil dilation for Temporal [ ]. Talkers with faster speaking rates were associated with 
lower recall scores, but larger peak pupil dilation. However, there was no significant correlation 
between peak pupil dilation and recall scores in any of the conditions.  
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4. Discussion 
First, we investigated recall scores and peak pupil dilation for listeners in four conditions, in 

masking noise, with temporal and spectral distortion and in quiet. The peak pupil dilation was related 
to the severity of the distortion, which was reflected in recall scores. The relationship between 
intelligibility and peak pupil dilation has been found in previous studies (20). However, there was no 
significant difference in peak pupil dilation between masking and the temporal distortion condition, 
even though differences were observed for recall scores. As suggested previously, there is no linear 
relationship between pupil dilation and recall scores (14, 21). Effects on listening effort might 
therefore only have been pronounced when the intelligibility level differences were sufficiently large 
between conditions. On the other hand, correlation analyses showed a linear relationship between peak 
dilation and recall scores in the temporal distortion condition. This finding could be specific to the 
type of distortion or to the range of recall scores in that condition; the temporal distortion resulted in 
relatively high intelligibility levels (well above 50%) compared to the other two experimental 
conditions. It has been suggested recently that intelligibility levels around 50% (or lower) have to be 
treated with caution since disengagement from the task can be reflected in decreased pupil dilation 
(14). Our second investigation focused on the talker. We were specifically interested in speaking rate 
effects on recall scores and peak pupil dilation. In the temporal distortion condition, speaking rate was 
significantly correlated with both recall scores and peak pupil dilation. Talkers with faster speaking 
rate were associated with lower recall scores and larger peak pupil dilation. This result might indicate 
that intrinsic speaking rate differences per se do not cause increased listening effort , similar to a 
previous finding (9), but that artificial time-compression renders speaking rate a relevant factor for 
listening effort. 

5. Conclusion 
In the current study, we were able to relate talker-specific speaking rate differences to intelligibility 

and listening effort. Furthermore, listener-specific results could be linked to previous studies 
indicating the non-linear relationship between intelligibility and listening effort.  A disadvantage of our 
study was that given the nature of the design, it was only possible to calculate recall and peak pupil 
dilation averages across small samples of listeners. Further studies  will therefore be needed to 
systematically assess the impact of speaking rate on listening effort with and without temporal 
distortions. 
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ABSTRACT 
Lombard speech, speech produced in noise, is acoustically different from speech produced in quiet (plain 
speech) in several ways, including having a higher and wider F0 range (pitch). Extensive research on native 
Lombard speech does not consider that non-natives experience a higher cognitive load while producing 
speech and that the native language may influence the non-native speech. We investigated pitch range in plain 
and Lombard speech in native and non-natives.  

Dutch and American-English speakers read contrastive question-answer pairs in quiet and in noise in 
English, while the Dutch also read Dutch sentence pairs. We found that Lombard speech is characterized by 
a wider pitch range than plain speech, for all speakers (native English, non-native English, and native Dutch). 
This shows that non-natives also widen their pitch range in Lombard speech. In sentences with early-focus, 
we see the same increase in pitch range when going from plain to Lombard speech in native and non-native 
English, but a smaller increase in native Dutch. In sentences with late-focus, we see the biggest increase for 
the native English, followed by non-native English and then native Dutch. Together these results indicate an 
effect of the native language on non-native Lombard speech. 
 
Keywords: Lombard speech, non-native, pitch range 

1. INTRODUCTION 
Often, we find ourselves in situations surrounded by background noise; supermarkets, restaurants, 

and cafeterias to name a few. In these noisy conditions, we produce Lombard speech, to counter the 
noise, which is acoustically different from speech produced in quiet (plain speech). Among other 
features, Lombard speech is characterized as having a higher fundamental frequency (F0 , pitch), a 
shift in the energy to higher frequencies, and a higher intensity (e.g., 1, 2, 3, 4). Some researchers 
have also found that Lombard speech is accompanied by a larger pitch range (e.g. 5, 6). The extensive 
research on Lombard speech to date has focused on native Lombard speech in various languages, 
including English (e.g. 3, 4), French (e.g. 5), and Spanish (e.g. 1). Importantly, there has been little 
to no research on non-native Lombard speech especially in terms of acoustic analyses. We expand 
upon previous research and examine pitch range in native and non-native Lombard speech. 

There are several reasons for why we may expect non-native Lombard speech to differ from native 
Lombard speech. First of all, extensive research has documented the influence of the native language 
on the non-native language. This has been observed in several domains including phonetics, speech 
production and perception of non-native phonemes (e.g., 7, 8, 9), and prosody (e.g.,10). Thus, we may 
expect that pitch range in the native language may affect pitch range in the non-native language, both 
in speech in quiet and in noise. Second, we must consider the higher cognitive load that non-natives 
experience when speaking in a non-native language (e.g. 11, 12). Due to non-native speakers’ higher 
cognitive load, we are unsure how and to what extent they adapt to the additive noise when producing 
Lombard speech in terms of pitch range.  

Taking these two factors into account, the non-native speakers may change various acoustic cues 
to a different extent when going from plain to Lombard speech compared to native speakers. This is 
in line with an earlier study (13), where we found differences in median pitch between Lombard 
speech produced by native and non-native English speakers. For sentences with early-focus, the Dutch 
increased their median pitch more in non-native English than the native American-English speakers, 
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which is in line with what the Dutch do in their native Dutch (13). 
We further investigated pitch in native Dutch and native and non-native English, now focusing on 

pitch range. Importantly, Dutch and British-English (RP variant) differ in terms of their pitch range. 
Gussenhoven and Broeders (14) discussed how RP has lower lows and higher highs, indicating that 
RP has a wider pitch range than Dutch. Additionally, Dutch and English speakers are known to have 
different mean pitches. American-English females were reported to have a mean pitch of 224 Hz (15), 
while similarly aged Dutch females were found to have a lower mean pitch of 191 Hz (as cited in 16). 
These differences in mean pitch per language are unlikely to be due to physical differences, as Voigt, 
Jurafsky, and Sumner (17) found that bilingual speakers had different mean pitches in their two 
languages. Dutch and English have different mean pitch and pitch range, which may affect the native 
and non-native Lombard speech production.   

In the current study we examined pitch range in native (American-English speakers) and non-
native (Dutch speakers) English for plain and Lombard speech. We also compared the Dutch when 
speaking their non-native (English) and their native (Dutch) language. Because the corpus on which 
we based our analysis also manipulated the position of focus, we took focus position in to account.  

2. METHODS 

2.1 Participants 
Marcoux and Ernestus’ (13) Dutch English Lombard Native Non-Native (DELNN) corpus was 

used for the present study. This corpus consists of recordings from 30 native Dutch females (average 
age: 21.33 years) who were studying or had had completed their studies in Dutch at Radboud 
University, Nijmegen, the Netherlands (RU). They all had Dutch speaking parents and had an average 
level of B2 for English in the Common European Framework (18), as indicated by their LexTale (19) 
scores (M=69.39, sd = 15.76). The corpus additionally includes speech from nine native American-
English females (average age: 22.11 years), who were studying abroad at RU at the time of the creation 
of the corpus. American-English speakers were chosen as a baseline because Dutch speakers show an 
influence of American-English in their speech. Participants did not report any hearing or vision 
problems, nor stuttering or dyslexia. All participants gave informed consent, and, in exchange for their 
participation, they received course credit or gift vouchers. 

2.2 Speech Materials/Stimuli 
Participants read contrastive question-answer pairs. In example (1) below we present an early-

focus question-answer pair and in (2) we have a late-focus pair (words printed in bold received 
contrastive focus).   

(1) ‘Did the friends go to the parade in Barcelona? No, the family went to the parade in Barcelona.’ 
(2) ‘Did the family go to the beach in Barcelona? No, they went to the parade in Barcelona.’ 

We had a total of 144 English sentence pairs as well as 96 Dutch pairs which were structured in a 
similar manner. Half of the sentences in each language were early-focus and half were late-focus. 

The pairs were pseudorandomized three times by focus-condition and language creating three 
master lists per language. For each master list, half of the sentences in each focus condition were 
assigned to the quiet condition (participants produced them without background noise) and the other 
half to the noise condition (with background noise). This led to the four conditions: quiet early-focus, 
noise early-focus, quiet late-focus, and noise late-focus.  

These three master lists were then mirrored, so that the sentences that appeared in quiet appeared 
in noise and vice-versa. This resulted in six lists per language. In all of them, the quiet conditions 
were followed by the noise conditions; the early- and late-focus sentences were blocked and the order 
of these blocks was counterbalanced across lists. Each participant was assigned one list.     

2.3 Procedure 
The recording session took place in a sound attenuated room, during which participants wore 

Sennheiser HD 215 MKII DJ headphones. In the quiet condition, nothing was played via the 
headphones. In contrast, in the noise condition, Speech-Shaped Noise was played at 83 dB SPL as 
calibrated using the Brüel & Kjær Type 4153 artificial ear (20). The participants recorded the stimuli 
using a Sennheiser ME 64 or 65 microphone, which fed into to a preamplifier and was connected to a 
Roland R-05 WAVE/MP3 Recorder. This resulted in 16-bit resolution wav files with a sampling rate 
of 44.1 kHz. 
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The recording of the English stimuli was followed by the LexTale task (19) for the Dutch 
participants, which provides an objective measure of their English proficiency level. All participants 
then completed a language and background questionnaire. In total, this session took approximately 
one hour. Dutch participants were then asked to return within one week to record the Dutch stimuli, 
which took approximately an additional forty-five minutes.   

2.4 Pre-processing of data 
We segmented the recordings at the sentence level and calculated the pitch range for each of the 

answers. The Praat (21) script extracted the F0 values every 10 milliseconds and returned the value  
-1 for unvoiced segments, which was excluded from our analyses.  

Before calculating the pitch range, we cleaned the data to remove pitch tracking errors (doubling 
and halving) as well as creaky voice. Doubling and halving are pitch tracking errors, in which the 
pitch suddenly appears to double or halve incorrectly. Protypical creaky voice is an issue because of 
its irregular F0 values (22). We set the pitch range to 75 to 500 Hz, which meant that most creaky 
voice was labeled between 75 and 110 Hz. By detecting jumps and falls above a factor of 1.5, we 
could delete doubling, halving, and creaky voice, cleaning the data. This is the same process we used 
to clean the data for the median pitch analyses (13). 

We calculated the minimum F0 per answer, as well as the 10th and 90th percentile F0 values from 
this cleaned data. The minimum F0 value was only calculated as a sanity check; we eliminated answers 
with a minimum value below 110 Hz, as this indicated that creaky voice was still present. We 
calculated our pitch range over 80% (using the 10th and 90th percentile). We converted the Hertz values 
to semitones because this relates to the human perception of the pitch range, in line with previous 
literature (23). For the conversion, we calculated semitones with the following equation, as was used 
by Kitamura and colleagues (24): 

semitone = 12 log2 (maximum F0/minimum F0)  (1) 

2.5 Analyses 
We split the analyses to focus on two comparisons; 1) native versus non-native English, to 

investigate the effect of native versus non-native languages and 2) native Dutch versus non-native 
English to examine the effect of the native language on the non-native language.  

Before conducting the analyses, we eliminated outliers, which we defined as 2.5 standard 
deviations above or below the grand mean of the pitch range as grouped in our two questions.  

Using the lme4 package (25) in R (26), we analyzed the pitch range with linear mixed effects 
models (lmers), for which we included participant and stimulus as crossed random predictors. Our 
fixed predictors were nativeness (native, non-native), noise (quiet, noise), and focus (early, late) as 
well as the control predictor trial number. We tested the random slopes of the fixed predictors, namely 
by-participant and by-stimulus. In order to determine if the predictors of interest, their interactions, 
and the random slopes significantly improved the model, we used ANOVA on nested models and AIC 
scores on non-nested models. In the case of ANOVA, if the comparison was significant between the 
two models, we took the more complex model. When using AIC scores to compare models, we chose 
the model with the lower AIC score. We did not include simple effects and interactions that were not 
significant, unless the simple effects figured in a significant interaction. Once the final model was 
established, we removed the data points with standardized residuals above 2.5 standard deviation units 
from the previous model (27) and refitted it, which we report in the results section below. In these 
models, we had non-natives, quiet, and early-focus on the intercept.  

3. RESULTS 

3.1 General results 
Figures 1, 2, and 3 below visualize the pitch ranges produced by the English and the Dutch speakers 

for sentences with early- and late-focus, in quiet and in noise. For the Dutch speakers, we see both 
their pitch ranges in Dutch and in English. The figures indicate that Lombard speech was always 
produced with a wider pitch range than plain speech.  

However, the increase in pitch range when going from quiet to noise differs; it was modulated by 
the position of the focus in the sentence, the speaker’s native language, and the language of the 
sentences. In the early-focus sentences, when going from quiet to noise, we see that the native and the 
non-native English speakers increased their pitch range approximately the same amount and that the 
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native Dutch did this to a smaller extent. In the late-focus condition, the native English had the largest 
increase, the non-native English had a smaller increase, and the native Dutch had the smallest increase. 
These patterns are confirmed by our statistical analyses. 

 

 
 
Figure 1 – A boxplot of pitch range of native English data for early- and late-focus for quiet and noise 

conditions. The means are represented by the white dots. 
 

 
Figure 2 – A boxplot of pitch range of non-native English data for early- and late-focus for quiet and noise 

conditions. The means are represented by the white dots. 

 
Figure 3 – A boxplot of pitch range of native Dutch data for early- and late-focus for quiet and noise 

conditions. The means are represented by the white dots. 

3.2 Native versus non-native English data 
Our first statistical analysis compared the native and non-native English data, finding a three-way 

interaction between noise, nativeness, and focus (see Table 1 below). In order to better interpret this 
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interaction, we split the data by focus. 
 

Table 1 – lmer of native and non-native English Dutch data 

 Full Model Early-focus Late-focus 

Fixed Effects  t  t  t 

(Intercept) 4.96 20.00 5.15 23.08 5.02 18.56 

Noise 0.51 3.74 0.55 4.94 1.07 6.66 

Nativeness 0.63 1.23 - n.s. 0.48 0.85 

Focus  0.055 0.41 - - - - 

Noise * Nativeness 0.34 1.18 - n.s. 1.09 3.25 

Noise * Focus 0.57 9.11 - - - - 

Nativeness * Focus -0.13 -0.49 - - - - 

Noise * Nativeness * Focus  0.64 4.36 - - - - 

Random Effects  SD  SD  SD 

Stimulus (intercept)  0.37  0.39  0.34 

Nativeness by Stimulus  -0.34  0.22  0.36 

Speaker (intercept)  1.41  1.35  1.46 

Noise by Speaker  0.57  0.64  0.78 

Focus by Speaker  0.98  -  - 

Residual  0.98  1.06  0.88 
 

For the early-focus data, we found that the only statistically significant predictor of interest was 
noise: speakers showed a wider pitch range in Lombard speech than in plain speech. The effect of 
noise differed per speaker, as indicated by the random slope of noise by participant.  The simple effect 
of nativeness and the interaction of noise with nativeness were not found to be significant (p’s > 0.05), 
but there was a random slope of nativeness per stimulus. We thus did not find a general difference 
between the native and non-native English speakers in terms of pitch range increase in going from 
quiet to noise, indicating that they increased to a similar extent.  

In the late-focus data, there was a significant simple effect of noise and a significant interaction of 
noise with nativeness. The random slope of noise by participant indicates that the effect of noise 
differed per speaker. The simple effect of nativeness was not significant (p > .05), but there was a 
random slope of nativeness per stimulus. Together these results indicate that the native English 
speakers increased their pitch range more in noise than the non-native English speakers, showing a 
difference between the native and non-native speakers in late-focus. This differential pattern for the 
two types of focus sentences (early versus late focus) explains the three-way interaction in the full 
model (Table 1). 

3.3 Non-native English versus native Dutch data 
While we compared non-native English with native English in our first analysis, here we compare 

non-native English with native Dutch (see Table 2 below). This second analysis is thus a within-
subject analysis.  

We found a simple effect of nativeness as well as an interaction of nativeness with noise. Together, 
these effects illustrate that the Dutch speakers showed a wider pitch range in native Dutch than in 
non-native English, especially in plain speech. In addition, we see a significant simple effect of noise 
and interaction of noise with focus, showing that the Dutch increased their pitch range in noise, and 
even more so in late-focus sentences. The effect of noise differed per participant as indicated by the 
random slope. 
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Table 2 – lmer of non-native English and native Dutch data 

Fixed Effects  t 

(Intercept) 4.79 18.15 

Noise 0.32 2.68 

Nativeness 0.78 12.37 

Focus  0.081 1.33 

Trial 0.004 5.37 

Noise * Nativeness -0.24 -4.16 

Noise * Focus 0.49 9.30 

Random Effects  SD 

Stimulus (intercept)  0.37 

Speaker (intercept)  1.41 

Noise by Speaker  0.57 

Residual  1.06 

4. DISCUSSSION 
In this study, we examined pitch range (10th to 90th percentile) in plain and Lombard speech in 

native and non-native speakers. We investigated whether there may be differences between native and 
non-native speech because of non-natives’ higher cognitive load and/or the influence of their native 
language.  

One of the major findings, replicating earlier research (e.g., 5, 6), was the general increase in pitch 
range when going from quiet to noise. Notably, in our research, we also find that non-native speakers 
increase their pitch range when producing Lombard speech. This finding for the non-natives supports 
an earlier study (13), which also showed that non-natives adapt their speech in noisy environments 
(w.r.t. median pitch), despite their increased cognitive load.  

The amount of pitch range increase varied with the position of the contrastive focus in the sentence, 
the speaker’s native language, and the language spoken. The late-focus sentences show a clear 
difference between native and non-native English speakers: the native English speakers showed a 
larger increase in pitch range when going from plain speech to Lombard speech than the non -native 
English speakers. In native Dutch, the Dutch speakers showed a smaller increase. These data thus hint 
to an effect of non-native speakers’ native language on how they produce Lombard speech: When they 
do not substantially increase their pitch range in their native language  (Dutch), they also do not tend 
to do so in their non-native language (English). However, the late-focus data also showed that non-
native speakers adapted their Lombard speech to the non-native language, as the Dutch speakers 
showed a bigger increase in pitch range in non-native English than in native Dutch, making them more 
similar to the native English speakers. 

The early-focus sentences showed a difference between native English and native Dutch, with the 
native Dutch showing a smaller increase in pitch range when going from plain speech to  Lombard 
speech. On the other hand, we did not find a difference between native and non-native English in the 
effect of noise on pitch range in early-focus sentences. This indicates that the non-native English 
speakers appear to better adapt to English for early-focus than for the late-focus sentences.  

The question now arises why we found nuanced differences between early- and late-focus 
sentences. The answer may lie in the structure of the sentences.  Both the early- and late-focus 
sentences formed the answers to the question-answer pairs, and started with ‘No’, which is likely to 
receive focus. The contrastive focus of the sentence then came right after the ‘No’(in early-focus 
answers) or later in the answer (in late-focus answers). In general, when a word is in focus, it will 
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receive higher pitch (28). We speculate that when the focus came later in the sentence (late-focus), 
the participant was able to better accent the focus word and have a higher pitch maximum, expanding 
the pitch range of the sentence, than when the focus was right after the accented ‘No’ (early-focus). 
This may explain, first, why we found a bigger increase in pitch range when going from plain to 
Lombard speech in native English than in non-native English for the late-focus sentences, but not for 
the early-focus sentences. Second, it may explain why there is a larger increase in pitch range for late 
than for early focus sentences in native Dutch and non-native English.   

Overall, we found that the Dutch showed a wider pitch range in native Dutch than in non-native 
English. This may be unexpected because native Dutch is claimed to have a narrower pitch range than 
English RP (14). However, in our data, we found that, in plain speech, the pitch range is, unexpectedly, 
smaller in native English than in native Dutch. This may be case because we investigated contrastive 
question-answer pairs instead of declarative sentences.  

5. CONCLUSIONS 
We examined pitch range in native Dutch and native and non-native English speakers, observing 

an increase in pitch range in going from plain to Lombard speech. This is in line with our earlier 
finding that non-native speakers adapt their median pitch when producing Lombard speech (13). 
Furthermore, we found that the non-native speakers adapted their increase in pitch range to the non-
native language, more or less completely for early focus sentences, but to a less extent for the late 
focus sentences. The late focus sentences thus indicate that non-native Lombard speech may show 
properties of the speakers’ native language. 
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Abstract
Speech perception becomes challenging in adverse listening conditions, hence increasing mental effort. Mod-
ification of recorded clean speech with the goal of increasing its intelligibility is one approach for improving
listening experience. Recently, we suggested a data-driven WaveNet-like speech intelligibility enhancement
method which is based on the Spectral Shaping and Dynamic Range Compressions (SSDRC) approach. Both
approaches achieve intelligibility gains by relocating energy from high sonorant to less sonorant portions of
speech. In this study we have assessed the performance of the WaveNet intelligibility enhancer for both nor-
mal and hearing impaired participants using formal listening tests, in terms of intelligibility and sound quality.
Intelligibility was measured as a percentage of correct words recalled (CWR) and quality was assessed via
a comparative mean opinion score (CMOS). Furthermore, we compared performance among native and non-
native listeners using English and Greek stimuli. We observed that modified speech was significantly more
intelligible than plain across all listener groups. Hearing impaired candidates rated modified speech 20% higher
on average (on a CMOS scale) than normal hearing subjects. The positive impact for the hearing impaired
listeners might be attributed to the reallocation of energy to perceptually relevant frequency bands in which the
hearing impaired are less sensitive.
Keywords: Speech intelligibility, listening enhancement, WaveNet approach

1 INTRODUCTION
Modifying plain speech signals with the aim of improving their intelligibility in noise is the goal of near-end
listening enhancement (NELE) applications. Modifications are often inspired by natural changes in the human
articulatory mechanism when speaking in noise, known as the Lombard effect. Studies have shown the intelli-
gibility gains of Lombard speech over speech produced in quiet; mainly, Lombard speech presents more energy
in the higher frequency bands, and is hence characterized by a reduced spectral tilt. Some speech modification
models try to capture these structural properties of Lombard speech in order to improve intelligibility.
Based on this idea, different automated signal processing approaches have been developed, e.g. Spectral Shap-
ing and Dynamic Range Compression (SSDRC) [1] and Adaptive Dynamic range compression (AdaptDRC)
[2]. AdaptDRC presents a noise-adaptive approach, which adjusts the dynamic range compression of speech
depending on the masker signal. In contrast, SSDRC is a masker-independent method: the same processing
is performed irrespective of the competing noise. Both these models have proven their ability to boost speech
intelligibility in noise. Recent studies have shown the benefits of such speech modifications also in terms of
listening effort [3].
Given the proven benefits of speech modifications, we have recently proposed a neural approach for this task
[4]: a WaveNet neural model trained to obtain an intelligibility gain equivalent to the SSDRC method. For this
reason, our model was named WaveNet-Based SSDRC (wSSDRC). Besides being equally efficient as SSDRC -
as shown by a subjective intelligibility evaluation - the neural approach holds the potential of being extended to
intelligibility enhancement of real-life speech. Such technology would detect the speech components in a noisy
mixture and enhance them with signal modifications that are used in NELE methods, but applied to a different
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problem - a noisy mixture.
In this work, we assess the intelligibility and quality benefits of wSSDRC through formal listening tests. Evalu-
ations of the model are made on two different language groups: English and Greek. The Greek group includes
both normal hearing (NH) and hearing impaired (HI) listeners, while the English group includes NH subjects
only. Additionally, in order to examine the different effects of speech modifications for native and non-native
speakers of British English, listening tests were carried out on native and non-native groups using the English
dataset. The performance of the proposed wSSDRC model is compared throughout conditions with both the
SSDRC method and plain unprocessed speech.

2 Speech and masker materials
The Hurricane Challenge natural speech corpus (https://doi.org/10.7488/ds/2482) [5]) was used as speech mate-
rial for the English listening tests. The corpus consists of a recording of the Harvard Sentences spoken by a
British male actor. The Greek sentences were downloaded from the ILSAP database 1. The dataset is comprised
mainly of weather forecasts recorded in quiet. The speech types used in this study are detailed below:

Plain: Unprocessed plain speech selected from the above mentioned databases.
SSDRC-modified speech: The SSDRC modification algorithm [1] is being applied to plain speech to enhance
its intelligibility.
wSSDRC-modified speech: This is the proposed neural-based wSSDRC model to be evaluated. As it is a
data-driven approach, samples are needed in order to train the model for a given task. Since the model goal
was to achieve the intelligibility gains of SSDRC, it was trained on the SSDRC-modified speech, which was
set as a target for each plain input. We have trained two separate models for the Greek and English datasets
respectively, since the model is language dependent.

Two types of noise are considered for this study; Speech Shaped Noise (SSN) and a Competing speaker (CS),
as used in the Hurricane Challenge [5]. The mixing of noise and speech is done at three different SNR levels,
corresponding to Low (25%), Medium (50%) and High (75%) intelligibility, in terms of correct words recalled
(CWR). As SNR vary across listener groups, exact values are provided in the results section for each group.
The quality of processed speech in comparison to plain was assessed in terms of CMOS.

3 RESULTS
3.1 Different Listening Groups
3.1.1 Native English listeners
For this study we recruited N=30 British English native speakers (age range = 18-34; mean age = 25 years).
Participants were screened for hearing loss via a Pure Tone Audiometry (PTA), at frequencies of 0.5, 1, 2,
4 kHz. Subjects passed the test with a hearing threshold equal or less than 25 dB HL (averaged across fre-
quencies) in both ears. The listening tests were performed in sound treated booths at University of Edinburgh.
Stimuli were presented via Beyerdynamic 770 headphones and participants had to type onto a keyboard what
they had heard. For this study SNR levels were set as following: CS Low= -21dB, Mid= -14dB, High= -7dB;
SSN Low= -9dB, Mid= -4dB, High= +1dB.

3.1.2 Non-native English listeners
This study was conducted with the participation of students from the University of Crete (UoC). As the subjects
were non-native English speakers, they were required to hold a B1 English language qualification. The listening
tests were conducted in sound treated booths at the University, and stimuli were administered via high quality

1http://speech.ilsp.gr/
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(a) (b)

Figure 1. Intelligibility gain for native English listeners

(a) (b)

Figure 2. Intelligibility gains for non-native English listeners

headphones. In total we had N=30 NH participants (average age = 24 years) who were screened for hearing
loss in the same way as the native English speakers. In this experiment SNR level were set to: CS Low=
-13dB, Mid= -6dB, High= +1dB; SSN Low= -4dB, Mid= +1dB, High= +6dB.

3.1.3 Native Greek NH listeners
For this study, N=21 native Greek NH subjects (average age = 35 years) were recruited to Chania General
Hospital, Crete. The participants were screened with a PTA using the same criteria as for the other NH groups.
The SNR levels were chosen as following: CS Low= -14dB, Mid= -7dB, High= 0dB; SSN Low= -7dB, Mid=
-2dB, High= +3dB.

3.1.4 Native Greek HI listeners
N=26 native Greek hearing impaired subjects were recruited at the Chania General Hospital, Crete. Participants
were contacted through the Hospital patient database. All of the subjects were screened with a PTA in the range
of 0.5-4 kHz, in both ears. The group was characterised by an average hearing loss of 49.8 dB HL (averaged in
both ears). Most of the participants were hearing aid wearers and removed their devices while performing the

5723



(a) (b)

Figure 3. Intelligibility gains for normal hearing listeners

(a) (b)

Figure 4. Intelligibility gain for hearing impaired listeners

tests. The age range was 35-60 years, with an average of 49 years. The SNR levels were chosen as follows:
CS Low= -9dB, Mid= -6dB, High= 0dB; SSN Low= -4dB, Mid= +1dB, High= +6dB.

Table 1. Speech Quality evaluation as Comparative Mean Opinion Score (CMOS)

Methods Native Eng. Non-Native Eng. Greek NH Greek HI
Plain 0 0 0 0

SSDRC -1.6 -1.55 -1.46 -1.15
wSSDRC -1.64 -1.60 -1.49 -1.24

4 DISCUSSION
Averaged responses from participants in each listening group are plotted in Figure 1-4. Data for SSN and CS
noise are plotted separately in each category. As can be seen in Figure 1 and 2, modified speech boosted
the intelligibility for both native and non-native listeners, in comparison to unprocessed plain speech (for both
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SSDRC and wSSDRC). This change is more noticeable at lower SNR levels, which highlights the relevance of
speech modifications in adverse listening scenarios. Larger gains were obtained against the SSN masker. Across
all conditions, the wSSDRC model achieved an intelligibility gain equivalent to SSDRC. CMOS scores reported
in Table 1 also show a similar trend.
Though both NH and HI listeners benefited from the modifications, the HI group showed larger gains at higher
SNR levels (Figure 3 and Figure 4). The same pattern can be seen in CMOS scores in Table 1, where the
HI group scored on average 20% higher compared to NH listeners for modified speech. This result might
be explained by the reduced sensitivity of HI listeners in higher frequency regions, which might make the
unnaturalness of modified speech negligible - if not even more natural-sounding.

5 SUMMARY
In this study we evaluated our recently proposed WaveNet-based intelligibility enhancement (wSSDRC). This
neural-based model has the potential to be employed in real-life speech modification applications, which is cur-
rently an area of interest for both academia and industry. We used two metrics for our evaluations: CWR
for intelligibility and CMOS for quality. This study considered a wide range of listening groups: native or
non-native, normal hearing and hearing impaired. Results show that the proposed wSSDRC model consider-
ably improved intelligibility in comparison to plain speech, performing equally well as the traditional SSDRC
method, across different listening groups. These findings motivate the idea of extending wSSDRC to real-life
speech enhancement applications in future research.
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ABSTRACT 
Individual speakers may use various strategies to enrich their speech while speaking in noise (i.e., 

Lombard speech) to improve intelligibility. The resulting acoustic-phonetic changes in Lombard speech are 
highly variable amongst different speakers, but it is unclear what causes these talker differences. This study 
investigates the potential role of articulatory control in speakers’ Lombard speech enrichment success. 
Individuals’ predicted intelligibility in both speaking styles (presented at -5 dB SNR) was measured using a 
glimpse-based metric. 

Seventy-eight speakers read out sentences in both their habitual style, and in a condition where they were 
instructed to speak clearly while hearing loud speech-shaped noise. A diadochokinetic speech task, that 
requires speakers to repetitively produce word or non-word sequences as accurately and as rapidly as possible, 
was used to quantify their articulatory control. 

Speakers’ predicted intelligibility scores were significantly higher in the Lombard than habitual speech 
condition. There was no simple effect of articulatory control on predicted intelligibility, nor an interaction 
between speaking condition and articulatory control. However, those with poorer articulatory control 
required some practice to maximise their enrichment success. This suggests that articulatory control may 
relate to a speaker’s knowledge about the articulatory configuration that will provide the best intelligibility. 
 
Keywords: Speech, Intelligibility, Articulation 

1. INTRODUCTION 
Speech communication rarely happens in noise-free conditions. Individual speakers often, 

consciously or unconsciously, use various strategies to enrich their speech in order to improve the 
intelligibility of their speech when talking in noisy environments (1). Speech produced in noisy 
conditions is known as ‘Lombard Speech’ (2), and the acoustic-phonetic changes that occur in 
Lombard speech are highly variable amongst different speakers (3). However, what causes these talker 
differences, and what impact these differences have on intelligibility, remains unclear. This study 
investigates the potential role of articulatory control in speakers’ Lombard speech enrichment success, 
i.e., the degree to which they can enhance their intelligibility in noise, relative to the intelligibility of 
their habitual speaking style. 

Articulatory control is often referred to as “the systems and strategies that regulate the production 
of speech, including the planning and preparation of movements and the executive of movement plans 
to result in muscle contraction and structural displacement” (4). Articulatory control in clinical 
settings is often measured through maximum performance speech tasks, such as an oral 
diadochokinetic (DDK) task. Despite the debates around whether DDK task is representative enough 
for speakers’ speech motor control abilities (5), DDK remains one of the most widely used tasks in 
the assessment of speech motor disorders. The task is relatively easy to conduct and administer (6,7), 
and it specifically tests speakers’ speech motor limitations (8). 

One way to obtain intelligibility scores for speech (often in the presence of noise) is through 
collecting subjective ratings from normal-hearing or sometimes hearing-impaired listeners. However, 
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the process of acquiring subjective intelligibility ratings is time-consuming and resource-demanding, 
particularly when assessing speech materials of many speakers. To replace human (subjective) 
intelligibility ratings, several objective intelligibility measures have been proposed to predict speech 
intelligibility in the presence of background noise. For instance, in earlier studies, the articulation 
index (9,10), and the speech-transmission index (11) were the most commonly used metrics. More 
recently, a glimpse-based speech perception model was proposed (12). Through an internal automatic 
speech recognition component, the model recognises the speech-dominant spectro-temporal regions, 
or “glimpses”, in speech that survives energetic (noise) masking, attempting to model human speech 
perception in noise (12). Subsequently, several studies have used the output of the initial stage of the 
glimpsing model, the amount of supra-threshold target speech surviving energetic masking or 
“glimpse proportion”, as a proxy for intelligibility, aiming to predict speech intelligibility in a more 
economical way (e.g., 13,14). 

Four glimpse-based metrics were recently evaluated to compare their capability of accounting for 
the subjective intelligibility of a variety of speech styles in a range of masker types (15). Of the four, 
the high-energy glimpse proportion (HEGP) metric had the highest correlations with human listeners’ 
judgements across the tested datasets. Given our interest in investigating whether individual’ 
articulatory control ability predicts speakers’ Lombard speech enrichment success, and due to the 
large number of speakers (N = 78) to evaluate, we opted for the more robust metric (HEGP) for the 
current study. In addition, we investigated whether speakers’ predicted intelligibility in the two 
speaking conditions changed over the course of the list of sentences they were asked to produce. 

2. METHODOLOGY 

2.1 Data collection 
Seventy-eight speakers were recruited and recorded at the Centre for Language Studies lab at Radboud 

University. They were all native Dutch speakers, with no speech, hearing, or reading disabilities, nor past 
diagnosis of speech pathology or brain injury, and they all had normal or corrected-to-normal vision. 
Participants were reimbursed for their time through course credits or gift vouchers, and all 78 of them gave 
informed consent for their audio recordings to be analysed. 

A DDK speech task was used to elicit participants’ maximum performance (rate and accuracy) as 
an index of their articulatory control. Participants were instructed to repetitively produce two non-
words (‘pataka’, ‘katapa’) and two real (Dutch) words (‘pakketten’ – packages, ‘kapotte’ – broken) as 
accurately and as rapidly as possible for around 10 seconds.   

A sentence-reading task was used to elicit participants’ habitual and Lombard speech. Participants 
were first instructed to read out 48 sentence stimuli correctly and fluently in their habitual style. 
Different lists were made to counterbalance the order of the 48 sentences over participants. They were 
then asked to read out the same 48 sentences (but in different orders) while being exposed to speech-
shaped noise (at 78 dB SPL) through a pair of closed headphones (Sennheiser HD 215). In the latter 
condition, participants were also told to speak clearly and that their speech would be evaluated at a 
later stage, and that the top-three most intelligible speakers would get a gift voucher. 

Stimuli of the two speech tasks were presented using PowerPoint slides on a 24’’ full HD monitor 
placed in front of the participant. Recordings were made using a Sennheiser ME 64 cardioid capsule 
microphone through a pre-amplifier (Audi Ton) onto a steady-state 2 wave/mp3 recorder Roland R-
05 in a sound-attenuating recording booth. The first author monitored participants’ task progress and 
controlled the changing of stimuli slides outside the recording booth on the stimulus computer. 

2.2 Articulatory Control 
Participants’ maximum performance (rate and accuracy) in the DDK speech task was used as an 

index of their articulatory control. Individual DDK articulation rate and accuracy were analysed 
acoustically in Praat (16), based on the first 7-second (or as close to 7-second as possible for the 
repetition counts to be an integer) of their DDK production. Rate (syllables/sec) was calculated by 
multiplying the total number of correct-and-full repetitions of (non)words produced by each 
participant in the 7-second time window by three (syllables), and divided this number of total syllables 
by the actual production time (total-duration minus errors, in-breaths, and pauses longer than 200 ms 
between repetitions). Accuracy (fraction) was calculated as number of correct repetitions divided by 
number of all repetitions in the same 7-second time window. Repetitions were only counted as correct 
if they were correct repetitions without any pauses longer than 200 ms. 
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2.3 HEGP-model predicted intelligibility 
HEGP-metric predicted intelligibility scores were obtained per sentence (for the 48 sentences) in 

both habitual and Lombard speaking conditions for all speakers at -5 dB SNR. The speech-shaped 
noise employed in Lombard speech elicitation was used as the added noise masker for the HEGP 
calculation. HEGP scores were calculated based on the contribution of the high-energy glimpses to 
intelligibility surviving energetic masking. HEGP scores lie between 0 and 1, with higher numbers 
indicating higher glimpse proportions escaping energetic masking, thus higher predicted intelligibility. 

2.4 Statistical analysis 
To investigate whether speakers’ Lombard speech enrichment success can be predicted by their 

articulatory control ability, we fitted two linear mixed-effects models using HEGP model-predicted 
intelligibility scores as dependent variable, one taking DDK rate (z-transformed), and the other taking 
DDK accuracy (z-transformed) as fixed effect of interest. Speech condition (habitual versus Lombard), 
and Trial number (the order in which a particular sentence appeared in the reading task) were also 
included as fixed factors in these models, as well as their potential interactions with DDK performance. 
Additionally, Participant and Sentence were included as random effects in the two models. Model fit 
improved for both models by allowing a random by-participant slope for the Condition effect, 
indicating that speakers indeed differed in their enrichment effect. The two full models (testing for a 
triple interaction between Condition, Trial and DDK performance) were then stripped in a step-wise 
manner (with the insignificant interactions removed first, followed by insignificant effects, starting 
from the ones that had the lowest t-values) to arrive at the most parsimonious model. Model 
comparisons were applied after each removal of the least significant predictor to verify that the 
exclusion of the predictor (or interaction) did not lead to significantly different model fit.  

3. RESULTS 
Table 1 presents descriptive data of speakers’ mean performance in the DDK task. Speakers’ mean 

intelligibility scores, as predicted by the HEGP metric, are 0.44 (SD = 0.02) for habitual speech and 
0.54 (SD = 0.05) for Lombard speech respectively. 

Table 1 – Summary of task performance 

Speech tasks 
Rate (syllables/sec) Accuracy (fraction correct) 

Mean SD Mean SD 

DDK 6.12 0.82 0.91 0.08 
 
The overall Lombard intelligibility gain can also be seen in Figure 1 below, showing the averaged 

HEGP scores for each speaker (each dot represents one speaker’s HEGP scores collapsed over the 48 
sentences) in both habitual (x-axis) and Lombard (y-axis) conditions. 

 
Figure 1 – Speakers’ averaged HEGP scores in both speech styles. Note that values above the diagonal line 

represent a Lombard intelligibility gain. 
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Figure 1 illustrates the variation in intelligibility across speakers, particularly in the Lombard 

condition. As mentioned before, the two statistical models on the predicted intelligibility of the 
speakers tested whether DDK performance (DDK rate or DDK accuracy) modulated speakers’ 
enrichment success (as quantified by the difference in predicted intelligibility between the two speech 
conditions), and whether speakers’ predicted intelligibility changed over trials. DDK rate did not 
predict HEGP intelligibility, nor did it interact with Condition or Trial. However, the model of DDK 
accuracy (rather than DDK rate) showed the following results. 

Table 2 – Linear mixed-effects model output for predicted speech intelligibility 

  HEGP Scores 
Predictors Estimates Std. Error p 
(Intercept: Lombard) 0.54 0.59×10-2 <0.001 
Habitual -0.10 0.47×10-2 <0.001 
DDK Accuracy -0.23×10-2 0.49×10-2 0.631 
Trial 0.17×10-3 0.40×10-4 <0.001 
ConditionHabitual × DDK Accuracy 0.34×10-2 0.47×10-2 0.471 
ConditionHabitual × Trial -0.15×10-3 0.48×10-4 0.002 
DDK Accuracy × Trial -0.87×10-4 0.27×10-4 0.001 
ConditionHabitual × DDK Accuracy × Trial 0.11×10-3 0.39×10-4 0.006 

 
Table 2 confirms that predicted intelligibility in the habitual condition was lower than in the 

Lombard condition, and that predicted intelligibility in the Lombard condition increased over trials 
while it remained stable in the habitual condition (as shown in a model in which the habitual speaking 
condition was mapped on the intercept). DDK accuracy did not have an overall effect on predicted 
intelligibility, but it did interact with the increase in Lombard intelligibility over trials. More 
specifically, the intelligibility increase over trials, as observed in the Lombard condition, was smaller 
for those with higher DDK accuracy. 

4. DISCUSSION 
This study was set up to investigate the potential role of articulatory control in the extent to which 

speakers can enrich their speech when changing from their habitual speaking style to speaking clearly 
in noise (i.e., their Lombard speech enrichment success). Rather than collecting human (subjective) 
intelligibility ratings for our corpus of speakers, we obtained acoustic predictions for the intelligibility 
of our 78 speakers’ habitual and Lombard speaking style. As expected, speakers indeed differed in 
their speech enrichment success. Furthermore, speakers generally needed some practice to arrive at 
slightly greater Lombard gains as evident from the trial effect in the Lombard speaking style. It is not 
the case that participants with better articulatory control (as indexed by DDK accuracy) were generally 
more intelligible, in either speaking condition. However, the ones with better DDK accuracy showed 
less improvement of their Lombard intelligibility through practice (over trials). In that sense, DDK 
does index speakers’ articulatory control, if articulatory control is seen as speakers’ knowledge of 
what to do articulatorily to produce more intelligible speech in noise. Further acoustic analyses are 
needed to examine whether speakers with poorer articulatory control changed from applying less 
appropriate to more appropriate enrichment strategies. 
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Abstract
Speech playback is harder to understand in noise. Near End Listening Enhancement algorithms try to overcome
the problem by enhancing the speech signal before it is played by a device. Different strategies have been
tried, achieving variable degrees of success in specific noise conditions. Such technologies, however, are often
tested in artificial settings - with controlled noise sources and no reverberation. The purpose of this study is
to compare a set of state-of-the-art algorithms based on different approaches (adaptive vs non-adaptive, with
or without a compensation for reverberation) in simulated real- life scenarios. Binaural noise recordings and
impulse responses of real environments have been used to create two representative scenarios in which speech
playback may occur, namely a domestic and a public space. A preliminary study with N=24 subjects revealed
the need for higher SNRs in the realistic settings (in comparison to controlled noise conditions) in order to obtain
the same levels of intelligibility for plain speech. The goal of the main study is to assess the impact of noise
adaptivity and reverberation awareness in realistic scenarios, in order to better understand how to make speech
playback more robust to noise in real-life situations.
Keywords: Near-end listening enhancement, Realistic Scenarios, Speech intelligibility

1 INTRODUCTION
1.1 Improving speech playback
Speech playback refers to signals played by a device over loudspeakers or headphones, e.g. TV, radio or PA
systems. When played over the air, speech sounds becomes mixed with background noise; moreover, reverbera-
tion is present in enclosed spaces, posing a hindrance to communication even in the absence of noise. In recent
years a range of NELE (Near End Listening Enhancement) algorithms have been proposed in order to make
speech playback clearer for the listener. Many of these methods are inspired by behaviours observed in nature,
i.e. the ways humans change their speaking style when exposed to noise - such as shifting the vocal effort
towards higher frequencies and increasing the consonant/vowel ratio (a phenomenon known as the "Lombard
effect").

1.2 State of the art NELE algorithms
In this study we chose to test SSDRC (Spectral Shaping and Dynamic Range Compression) [8] and Adapt-
DRC [6], which proved to be among the best strategies for natural speech in a large scale NELE evaluation
known as "The Hurricane Challenge" [2]. Both algorithms operate on an equal-power-before-and-after process-
ing constraint, but manage to improve intelligibility by relocating the energy in the signal to the regions – in
frequency and time – that are most relevant for speech comprehension. While AdaptDRC is aware of the noise
and modifies the signal accordingly (applying no modification when there is no noise), SSDRC adapts to the
voice of the speaker (as does AdaptDRC) but does not differentiate among different types of noise. Neither
of the algorithms accounts for reverberation, nor does any of those analysed in [2], as the problem is typically
treated separately in NELE technologies. A common strategy consists in steady state suppression, as vowels (the
steady states) ”linger on” in reverberation, and therefore ”smear” signal. The OE (Overlap Masking Reduction
and Onset Enhancement)[4] algorithm follows this principle and operates a dynamic amplification control based
on the direct-to-reverberant ratio of the speech signal. The impulse response of the environment is assumed to
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be known. In this study, the OE algorithm was added to a processing chain after AdaptDRC, creating hence a
third algorithm that will be denoted by ADOE.

1.3 Motivation of the study: a realistic test platform
NELE technologies are often tested against artificial noise; furthermore, they are typically not tested against
reverberation - besides those algorithms which are specifically designed to tackle this problem. In [2] algorithms
were tested against SSN (Speech Shaped Noise) and a competing speaker, whose voice was recorded in a
studio by a professional actor. Such signals represent respectively a source of stationary and of fluctuating
noise. In this study we take a step towards real-world scenarios, by testing NELE algorithms in simulated
realistic environments. Artificial noise may be easy to produce and control, but we argue it fails to represent the
complex nature of real acoustic environments – potentially leading to inaccurate predictions on the performance
of the technologies at test. For this reason, we have simulated a representative set of scenarios in which speech
playback may occur: one domestic space (“the living room”) and one public space (“the cafeteria”), which
feature recordings of real noise and impulse responses of real spaces.

2 MATERIALS AND METHODS
2.1 Speech, noise and reverberation
Binaural noise recordings from the The University of Oldenburg’s HRIR (Head-Related Impulse Response)
database [5] were used in order to simulate the cafeteria, while stimuli from The University of Sheffield’s
CHiME corpus [1] were used to create the living room. Impulse responses were taken also from [5]. The
cafeteria is a large public space with a relatively long impulse response; noise recordings were were originally
performed at a time in which the place was very crowded, obtaining a relatively stationary signal - which is
comparable by definition to SSN. The living room is a small domestic place, with different sources of noise
which are active at different times: children playing, appliances from the kitchen, footsteps, etc. The noise can
be defined as fluctuating and compared, in principle, to the competing speaker used in [2]. Speech material
was taken from a recording of the Harvard sentences (https://doi.org/10.7488/ds/2482), which are phonemically
balanced and are characterised by a relatively low semantic predictability. Sentences where processed with the
aforementioned NELE algorithms and convolved with impulse responses from [5] in order to simulate speech
sources located in a different position in the room in respect to listener. A schematic representation can be seen
in Figure 1.

Figure 1. Schematic structure of the simulated environments; dotted line around the cafeteria indicates the space
is wider than represented. Images are adapted from [5].
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2.2 Calculating the SNRs
SNR was calculated as 10 log (speech power/noise power), where power is represented by the sum of squared
samples. Noise snippets were selected at random from the long recordings; endpoints for the sum were defined
by the start and end of each sentence.
In a real-world situation, the relative power of speech playback at the position of the listener can be measured
with an SPL meter; the measurement, however, will be performed on the reverberant signal, as it will have
travelled through the air and will be affected by room acoustics. For this reason, the power of the speech
signal was measured on the convolved signal. As the impulse response will change the frequency profile of
the signal, special care needs to be taken when performing multiple stages of processing. In the main test,
speech stimuli were first processed with the NELE algorithms (as this operation must be performed before the
signal is played by a loudspeaker), then convolved with the impulse responses and eventually scaled in order
to achieve the desired SNR. We calculated the amount of gain needed for reverberant plain speech in order to
reach the desired power over noise; we then applied the same amount of gain to the modified signals – which
had the same RMS as plain speech by definition. Noise stimuli were kept at a fixed level. Playback levels
were calibrated at 75 dBA (over headphones) for the cafeteria and 65 dBA for the living room. The speech +
noise mixtures were presented to normal hearing listeners over Beyerdynamic 770 headphones in sound treated
booths.

3 RESULTS AND CONCLUSIONS
3.1 Preliminary tests
Two preliminary listening tests (with respectively N=24 and N=30 normal hearing listeners) were run in order
to find the psychometric curves for plain speech in the two realistic scenarios. From this data we calculated
the SNRs required for 25, 50 and 75% intelligibility in terms of WAR, which were used in the main test as
high, medium and low SNR. We compared the curves for the cafeteria and the living room to those found for
SSN and competing speaker in [3]. Our results suggest that higher SNRs are needed in realistic scenarios in
comparison to lab controlled noise – up to more than 8 dBs difference for 75% WAR in the SSN vs cafeteria
case.

Figure 2. Comparison between the psychometric curves for unmodified speech in [3] and present study. Com-
peting speaker is compared to living room as fluctuating noise, while SSN is compared to cafeteria as stationary
noise.
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Figure 3. WAR scores for the different algorithms, at each SNR, in the two simulated environments. LSD =
Fisher’s Least Significant Difference.

3.2 Main test
Results from the main test suggest that different approaches might be best suited for different scenarios. While
in the cafeteria scene the higher scores of SSDRC are clear, in the living room scene algorithms offer a compa-
rable performance. No significant improvement was obtained with the addition of OE to AdaptDRC. In almost
all conditions SSDRC outperformed the other modifications, suggesting that a blind approach can be very ef-
ficient while computationally convenient and non-intrusive, as SSDRC does not require any noise or impulse
response measurement. On the other hand, in this study modifications have not been rated for sound quality,
which is an important factor for listening comfort in case of long playback times [7]. In SSDRC intelligibility
is boosted at the cost of unnatural sounding speech, while AdaptDRC tries to conserve the naturalness of sound
at the cost of lower scores in terms of WAR. An important addition to this study would be a subjective and an
objective measure of listening comfort in addition to intelligibility measurements.

ACKNOWLEDGEMENTS
This project has received funding from the EU’s H2020 research and innovation programme under the MSCA
GA 67532 (the ENRICH network: www.enrich-etn.eu).
This work was supported by the Deutsche Forschungsgesellschaft (DFG, German Research Foundation) - Project
ID 352015383 SFB 1330 C1 and Deutsche Forschungsgemeinschaft (DFG, German Research Foundation) -
Project ID 390895286 - EXC 2177/1.
Multimedia files from the experiment are available at http://homepages.inf.ed.ac.uk/s1758351/NELE RE.html

REFERENCES
[1] H. Christensen, J. Barker, N. Ma, and P. D. Green. The CHiME corpus: a resource and a challenge for

computational hearing in multisource environments. In Proc. Interspeech, Chiba, Japan, 2010.

[2] M. Cooke, C. Mayo, and C. Valentini-Botinhao. Intelligibility-enhancing speech modifications: the Hurricane
Challenge. In Proc. Interspeech, Lyon, France, August 2013.

[3] M. Cooke, C. Mayo, C. Valentini-Botinhao, Y. Stylianou, B. Sauert, and Y. Tang. Evaluating the intelli-

5734



gibility benefit of speech modifications in known noise conditions. Speech Communication, 55(4):572–585,
2013.

[4] J. Grosse and S. van de Par. A speech preprocessing method based on overlap-masking reduction to increase
intelligibility in reverberant environments. J. Audio Eng. Soc, 65(1/2):31–41, 2017.

[5] H. Kayser, S. D. Ewert, J. Anemüller, T. Rohdenburg, V. Hohmann, and B. Kollmeier. Database of multi-
channel in-ear and behind-the-ear head-related and binaural room impulse responses. EURASIP Journal on
Advances in Signal Processing, 2009:6, 2009.

[6] H. Schepker, J. Rennies, and S. Doclo. Improving speech intelligibility in noise by sii-dependent preprocess-
ing using frequency-dependent amplification and dynamic range compression. In Proc. Interspeech, pages
3577–3581, Lyon, France, 2013.

[7] Y. Tang, C. Arnold, and T. Cox. A study on the relationship between the intelligibility and quality of
algorithmically-modified speech for normal hearing listeners. Journal of Otorhinolaryngology, Hearing and
Balance Medicine, 1(1):5, 2018.
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Abstract
Durational changes to speech can improve intelligibility in noise, but what speech rate would a listener choose
in such conditions if allowed to do so? We introduce a technique which enables listeners to adjust arbitrary
speech properties in real time while performing a speech-in-noise task, and apply it to the question of preferred
speech rate. Native listeners adjusted speech rate while identifying word sequences in quiet, stationary noise
(3 SNRs) and modulated noise (5 modulation rates). Listeners preferred faster rates in quiet, increasingly
slower rates in stationary noise as SNR decreased, and increasingly slower rates in modulated noise as envelope
modulation rate increased. These findings complement those obtained using traditional intelligibility measures.
We speculate that for tasks where intelligibility is near to ceiling, any consistent listener preferences might be
used as an indicator of optimal listening effort and applied in the design of speech enrichment algorithms. The
listening preference technique can be adapted readily to many scenarios such as different masking conditions
(e.g. competing talkers) and applied to other speech features such as F0 and spectral tilt.
Keywords: Speech rate, Speech-in-noise, Speech recognition task

1 INTRODUCTION
Listening to speech under imperfect conditions can reduce intelligibility (1) and lead to greater listening effort
(2). Intelligibility enhancement in challenging conditions has been widely investigated, with speech modification
algorithms able to achieve significant improvements (3). Recently, the goal of reducing listening effort has
grown in prominence. Several studies have focused on listening effort by drawing comparisons amongst different
listener groups (4, 5), maskers (6, 7), speech types (8), synthetic speech algorithms (9) and linguistic aspects of
the speech signal (10). A number of objective and subjective measures have been used for quantifying listening
effort (2, 11, 12). However, how specific factors such as speech rate impact on listening effort has received little
attention (13). An alternative approach to extracting supra-intelligibility effects of speech is to allow listeners to
control some aspect of speech during an intelligibility-based task. A similar approach was used in (14) to study
listener speech rate preferences as a function of age and passage comprehension difficulty in quiet. The current
study extends the listener preference approach to elicit preferred speech rates in a range of adverse listening
conditions.

2 METHODS
Listeners were asked to change speech rate in real-time using up/down keys while listening to word sequences.
The task was explained as akin to choosing an appropriate volume for a television: too quiet makes compre-
hension difficult, while too loud a setting leads to discomfort. Listeners were instructed to choose a speech rate
that allowed them to recognise as many words as possible. Each trial consisted of an adjustment phase followed
by a test phase in which their intelligibility was evaluated via a word identification task. The experiment was
divided into 9 blocks by condition: quiet and 8 additive noise masking conditions: speech-shape noise (SSN) at
SNRs of 0, +6 and +12 dB, and speech modulated noise (SMN) for 5 envelope modulation rates, mixed with
speech at +6 dB SNR. Each block contained 22 trials. Eighteen native Spanish listeners were recruited and for
each one, the experiment lasted around two hours with a short break between each block.
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Figure 1. Upper plot: Mean of the percentage of correct words recalled. Middle plot: Mean of the preferred
speech rate. Speech rate values correspond to the times slower/faster with regard to the original(unmod.). Lower
plot: Mean time in seconds that listeners needed for stabilising their preference. Error bars represent ±SE.

3 SUMMARY OF THE FINDINGS
Listeners preferred slower speech rates for more challenging conditions (Fig. 1 upper & middle). For the SSN
masker, the preferred rate became slower as SNR decreased (p < .05). This finding is in line with preferred
rates in studies on speech complexity (14) and degraded (reverberant) listening conditions (15). For the SMN
masker, listeners needed more time to express their listening preference compared to the quiet condition (p <
.01). It may be that the modulated nature of the masker interferes with that of the target speech, causing
attentional distraction or making it hard to predict when to listen. In all conditions the preferred speech rate
was faster compared to the speech rate of the original recording, in agreement with (14). We speculate that
stabilisation time may be an indicator of listening effort since different times are required to find the value that
maximizes intelligibility in different conditions. Indeed intelligibility scores are not correlated with stabilization
time (r =−0.14, p = .09).
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Abstract
Post a laryngectomy, oesophageal speakers struggle with communication owing to limitations in producing
speech. Oesophageal speech (ES), therefore, is of poor intelligibility and demands increased listening effort.
With the aim of improving intelligibility for an Automatic Speech Recognition (ASR) system, we performed
three enrichment tasks on oesophageal speech: one heavy-weight strategy (voice conversion) and two light-
weight strategies (cleaning up of undesired silences and synthesis with Wavenet vocoder that generates high
quality natural sounding speech). While voice conversion (targeted at a healthy speaker) is the conventional
approach to improve oesophageal speech, we were motivated to try the aforementioned light-weight strategies,
as they are simple and straightforward, and any improvement with these methods will add to the benefits gained
from other methods. Voice conversion was the most useful enrichment technique in improving ASR scores.
Synthesizing with Wavenet improved the voice quality of some parts of ES but it also added some unwanted
glitches. As a result, it did not improve the ASR scores for ES. Removing undesired silences did not have any
improvement in ASR for a well-trained ES speaker as there were few instances of undesired silences. However,
for a poorly intelligible speaker it showed marginal improvement.
Keywords: Pathological speech, Laryngectomy, Enrichment, Automatic Speech Recognition

1 INTRODUCTION
A large number of people (0.4% of the total population of Europe) have speech impairments (1). People with
speech disorders have unsatisfying social lives, as they are difficult to understand and communicate with. Voice
rehabilitation for pathological speech is a way to alleviate this issue by providing restored voices to people with
speech disorders.
Oesophageal Speech (ES) is a pathological speech resulting from the removal of the larynx. It is known to have
poorer intelligibility and demands more effort to listen to compared to healthy laryngeal speech (6,7,8).
In this age, machines are beginning to take the top spot as participants of speech communication. This study
focuses on improving machine communication for oesophageal speakers by enhancing the intelligibility of their
speech using several speech modifications techniques.

2 THE PROBLEM AND OBJECTIVES
Laryngectomy involves the removal of the source or fundamental frequency of the speech. Therefore, the pri-
mary enrichment to make it sound like natural speech involves the addition or reconstruction of the fundamental
frequency (2). Voice conversion has been used for restoration of ES using statistical methods (3).
Another way of enrichment is by removing the unwanted artefacts introduced while speaking, such as swal-
lowing air to speak. These pauses of swallowing that are necessary for ES speech production, disturb the
durations and hence, the rhythm of the speech. Smearing of rhythm of speech is known to affect recognition
(10). Moreover, the swallowing sounds are unpleasant to listen to, affecting the process of listening.
The objective of this study is to implement some light-weight strategies directly on the speech, such as improv-
ing the rhythmic structure of the speech by eliminating undesired silences and improving spectral characteristics
by resythesizing with a high quality natural sounding vocoder. We have used one high intelligibility ES (HIES)
speaker and one low intelligibility ES (LIES) speaker in our study.
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3 METHODS
3.1 Alignment and removal of undesired silences
Segmentation and labelling of ES is a tricky process. The forced alignment feature built into our generic
Spanish Automatic Speech Recognition (ASR) systems was unsuitable for ES. Therefore, using the Montreal
Forced Alignment tool (5), new models were made for ES. Segmentation with this forced aligner gave us the
labels of pauses in the signal. We removed portions in the speech that corresponded to these pauses or silences.
A comparison of the number of pauses and the their duration for HIES and LIES is presented in the results.

3.2 Wavenet synthesis
Wavenet (4) can be used as a vocoder that is known to generate high quality natural sounding speech (11).
We used this ability of wavenet by extracting features (Mel filter bank parameters) from ES and synthesising
samples from wavenet using these extracted features as local conditioning.

4 RESULTS AND DISCUSSION
In our previous work, we performed voice conversion for HIES using GMM and LSTM (9) and the ASR
performance improved by nearly 20% (Table 1).
Removing silences showed improvement for LIES (4.17%, see Table 1) but not HIES. This is possibly because
HIES had fewer pauses. The mean number of pauses per utterance and mean duration of pauses for LIES
(13.99±4.18, 280±53 ms) was higher than that for the HIES (7.56±2.29, 169±60 ms).
Wavenet was not useful in improving ASR, although during informal listening tests, it is reported to be preferred
over other enrichment methods.

Table 1. ASR scores for unprocessed and enriched oesophageal speech for high and low intelligibility speech.
Green text shows numbers where improvement was observed

Our next step is to retain the silences that are desired in the speech (inter-word silences for instance). Also, we
will evaluate these systems from a Human Speech Recognition and listening effort perspective too.

5 CONCLUSIONS
While voice conversion remains the greatest contributor in improving ASR performance, it was observed that
undesired silence removal was beneficial for low intelligibility ES. Synthesis with a rich vocoder did not help
in ASR improvement but it has scope for positive responses in perceptual evaluations.

ACKNOWLEDGEMENTS
This project was supported by funding from the EUs H2020 research and innovation programme under the
MSCA GA 67532*4 (the ENRICH network: www.enrich-etn.eu)

5740



REFERENCES
[1] Dupre D.; Karjalainen A. Employment of disabled people in Europe in 2002, Eurostat-Your key to European

statistics, 2003, https://ec.europa.eu/eurostat/documents/3433488/5542140/KS-NK-03-026-EN.PDF/0b806b41-
0898-45d2-ac99-0f085e983887 (Accessed: 07 Nov 2018).

[2] Sharifzadeh HR, McLoughlin IV, Ahmadi F. Reconstruction of normal sounding speech for laryngec-
tomy patients through a modified CELP codec. IEEE Transactions on Biomedical Engineering. 2010
Oct;57(10):2448-58.

[3] Doi H, Nakamura K, Toda T, Saruwatari H, Shikano K. Esophageal speech enhancement based on statistical
voice conversion with Gaussian mixture models. IEICE TRANSACTIONS on Information and Systems.
2010 Sep 1;93(9):2472-82.

[4] Van Den Oord A, Dieleman S, Zen H, Simonyan K, Vinyals O, Graves A, Kalchbrenner N, Senior AW,
Kavukcuoglu K. WaveNet: A generative model for raw audio. SSW. 2016 Sep 13;125.

[5] McAuliffe M, Socolof M, Mihuc S, Wagner M, Sonderegger M. Montreal Forced Aligner: Trainable Text-
Speech Alignment Using Kaldi. InInterspeech 2017 (pp. 498-502).

[6] Most T, Tobin Y, Mimran RC. Acoustic and perceptual characteristics of esophageal and tracheoesophageal
speech production. Journal of communication disorders. 2000 Mar 1;33(2):165-81.

[7] Weinberg B. Acoustical properties of esophageal and tracheoesophageal speech. Laryngectomee rehabilita-
tion. 1986:113-27.

[8] Raman S, Hernaez I, Navas E, Serrano L. Listening to Laryngectomees: A study of Intelligibility and Self-
reported Listening Effort of Spanish Oesophageal Speech. Proc. IberSPEECH 2018. 2018:107-11.

[9] Serrano L, Tavarez D, Sarasola X, Raman S, Saratxaga I, Navas E, Hernaez I. LSTM based voice conversion
for laryngectomees. Proc. IberSPEECH 2018. 2018:122-6.

[10] Drullman R, Festen JM, Plomp R. Effect of temporal envelope smearing on speech reception. The Journal
of the Acoustical Society of America. 1994 Feb;95(2):1053-64.

[11] Tamamori A, Hayashi T, Kobayashi K, Takeda K, Toda T. Speaker-Dependent WaveNet Vocoder. InIN-
TERSPEECH 2017 Aug (pp. 1118-1122).

5741



Weighted generative adversarial network for many-to-many voice conversion

Dipjyoti Paul(1), Yannis Pantazis(2), Yannis Stylianou(3)

(1)University of Crete, Greece, dipjyotipaul@csd.uoc.gr
(2)Institute of Applied and Computational Mathematics FORTH, Greece, pantazis@iacm.forth.gr

(3)University of Crete, Greece, yannis@csd.uoc.gr

Abstract
The goal of voice conversion (VC) is to convert speech from a source speaker to that of a target, without chang-
ing phonetic contents. VC usually relies on parallel data for training, which limits its practical applications.
Existing approaches are also limited in handling multiple speakers, since different models should be built inde-
pendently for every speaker pair. To tackle that, a variant of Generative Adversarial Network (StarGAN-VC)
were introduced that allows many-to-many mapping instead of learning all the pairwise transformations. More-
over, StarGAN-VC can handle non-parallel data, i.e., speakers do not need to utter the same sentences. In this
paper, we suggest an algorithmic variation of StarGAN training where suitable weights are introduced. Weights
which modify the Generator’s gradient value aim to put more power to fake samples that fool the Discriminator.
The suggested algorithm results in a stronger Generator. We refer to this variation as weighted-StarGAN (weS-
tarGAN). In weStarGAN, the convergence of the training performance is accelerated. More importantly, the
proposed algorithm achieves significant improvement against baseline StarGAN-VC concerning speech subjec-
tive quality for both speech quality and speaker similarity.
Keywords: Voice conversion, Generative adversarial networks, Training algorithm.

1 INTRODUCTION
Voice conversion (VC) modifies the para/non-linguistic information contained in the speech uttered by a source
speaker, while keeping the linguistic contents unchanged. Statistical approaches like Gaussian mixture model
(GMM) [1] and joint density GMM (JD-GMM) [2] were among the first successful attempts. Over the time,
several non-linear spectral mapping techniques based on restricted Boltzmann machine (RBM) [3], feed-forward
deep neural networks (DNNs) [4] and recurrent DNNs [5] were also proposed. Significant improvements have
been witnessed following the introduction of generative adversarial networks (GANs). A variation of GANs
named cycle-consistent GAN (CycleGAN) was presented in [6]. CycleGAN is designed to learn forward and
inverse mappings simultaneously using both an adversarial loss and a cycle-consistency loss. One of the draw-
back of CycleGAN-VC is the ability to learns only one-to-one mappings. To resolve this issue, Star generative
adversarial network based VC (StarGAN-VC) was recently introduced [7] which was originally proposed as a
method for simultaneously learning images among multiple domains [8].
This paper extends the work of StarGAN-VC and proposes a novel training algorithm inspired by the Weighted
GAN (WeGAN) [9]. Furthermore, to increase the stability in the existing StarGAN-VC, Wasserstein GANs with
gradient penalty (WGAN-GP) is implemented [10]. The proposed Weighted StarGAN (WeStarGAN) approach
introduces an effective weight factor for each sample in WGAN-GP. The new algorithm puts more weight to
generated samples whose data distribution is closer to the real speech distribution. Such samples are more
likely to fool the Discriminator. Simultaneously, it reduces the weights of generated speech samples that are
confidently discriminated as fake speech. By doing so, WeStarGAN enhances the robustness of the weak Gen-
erator by adding weights to the training process and the Generator is able to improve source to target speech
conversion by generating good quality target speech samples.
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2 WEIGHTED STARGAN
In conventional StarGAN, the Generator G converts the attribute of source x speaker domain into target y
speaker domain conditioned on the target domain label c, y′ = G(x,c). Here, x and y are the acoustic feature
sequences of speech belonging to attribute domains source and target speakers, respectively. The Discriminator
learns to distinguish between real and fake speech samples, while the Generator learns to generate fake speech
that are indistinguishable from real speech samples. An auxiliary classifier is also introduced that allows the
Discriminator to control multiple domains. Fig. 1 illustrates the training process of StarGAN-VC approach.
During the training of weStarGAN-VC using the stochastic grandient descend algorithm, a weight is multiplied
to the Discriminator output provided with fake speech samples. Therefore, instead of equally-weighted ’fake’
samples, weights are introduced in the Generator objective function while optimizing using two-player minimax
game. The proper weights for WeStarGAN’s Generator are defined by

wi = eηmin(0,D̄i)

where η corresponds to the factor of the weight values empirically set to η=0.1. The value D̄i is calculated
from the output of the Discriminator D(G(xi,c)) after rescaling and mean value-subtraction. The weights are
designed to impose more strength to samples that fool the Discriminator and thus are closer to the real data.
Intuitively, the weighted algorithm puts more weight to fake target speaker’s samples that are more probable to
look alike source speaker’s sample and simultaneously reduces the weight of speech samples that are confidently
discriminated as fake.

 x  G(x,c)

  real/fake

attribute c′  

 x′

 attribute c

attribute c′

 x

Generator

Discriminator

weights  

Figure 1. Overview of StarGAN-VC, consisting of two modules, a Discriminator D and a Generator G. The weights are only
introduced during the training optimization process.

3 SUBJECTIVE EVALUATION
To assess the performance based on subjective evaluation experiments, we conducted listening tests for the
naturalness or speech quality and speaker similarity of the converted speech to the target speech. Our proposed
WeStarGAN-VC were compared against baseline StarGAN-VC architecture. Two separate listening tests are
reported, ’ABX’ and ’AB’ test. In the ’ABX’ test, experimental subjects have to decide whether a given
sentence ’X’ is closer in speaker similarity to one of a pair of sentences ’A’ and ’B’, which are converted
speech samples obtained with the proposed and baseline methods, not necessarily in that order. Whereas, the
’AB’ test compares the speech quality or naturalness of the converted speech. Fifteen native and non-native
English listeners participated in our listening tests. For speaker similarity, the proposed method performs better
with 65% preference whereas 17% preferences are given to ’No preference’ option which indicates similar
speaker characteristics in the speech samples generated using both the approaches. Moreover, WeStarGAN
significantly outperforms baseline in generating good speech quality with 75% preference.
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Abstract
Advancements in machine learning techniques have promoted the use of deep neural networks (DNNs) for
supervised speech enhancement. However, the DNN’s benefits of non-explicit noise statistics and nonlinear
modeling capacity come at the expense of increased computational complexity for training and inference which
is an issue for real-time restricted applications, like hearing aids. Contrary to the conventional approach which
separately models the feature extraction and temporal dependency through a sequence of convolutional layers
followed by a fully-connected recurrent layer, this work promotes the use of convolutional recurrent network lay-
ers for single-channel speech enhancement. Thereby, temporal correlations among inherently extracted spectral
feature vectors are exploited, while further reducing the parameter set to be estimated relative to the conven-
tional method. The proposed method is compared to a recent low algorithmic delay architecture. The models
were trained in a speaker independent fashion on the NSDTSEA data set composed of different environmen-
tal noises. While objective speech quality and intelligibility measures of the two architectures are similar, the
number of network parameters in the suggested enhancement method being reduced by 66%. This reduction is
highly beneficial for storage and computation constraint applications.
Keywords: speech enhancement, deep neural networks, convolutional recurrent network

1 INTRODUCTION
Speech enhancement (SE) technique aims to suppress the background noise in a noisy communication scenar-
ios. Classical speech enhancement methods like spectral subtraction and Wiener filtering partly addressed this
challenge by modeling first and second order noise statistics parametrically [1]. However, the assumption of an
explicit noise model and its slowly varying noise parameters are limiting factors of these models.
Recent advancements in neural networks (NN) and their non parametric noise modeling capacity have led to
improvements in the field of single channel speech enhancement. Convolutional layers capture locally varying
pattern of the input while considerably reducing the number of model parameters to be estimated. For time se-
quence modeling, the temporal context window size in which temporal correlation are exploited highly depends
on the kernel dimensions and convolutional layer stack size. However, for SE tasks, modeling of successive
frame dependency over a long time window is essential to capture noise and speech characteristics.
Recurrent NN(RNN) explicitly exploit temporal correlations in time sequences [2] . A recent low-latency source
separation approach proposed an architecture with a convolutional feature extraction stack followed by recurrent
processing thereof [3]. The recurrent cells were composed of fully-connected sub-layers. However, these fully
connected sub-layers come at the expense of a large memory footprint potentially limiting their applications into
computation constraint applications.
Convolutional RNN are composed of convolutional linear operators, and thus, significantly reduce the number of
weights to be estimated [4]. Promising results have been shown in image classification tasks [5]. In this work,
we propose a recurrent feature extraction scheme based on ConvLSTM’s for single-channel SE (ConvLSTM-SE).
Its performance is compared to a low-algorithmic latency approach separating feature extraction and temporal
modeling by a cascade of convolutional and long short-term memory (LSTM) layers.
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2 PROPOSED CONVOLUTIONAL LSTM SPEECH ENHANCEMENT (ConvLSTM-SE)
MODEL

The idea of recurrent feature extraction was initially proposed by Xingjian Shi et.al [4]. The current feature
estimate Ht , Ct depends on the previously extracted feature Ht−1, Ct−1 and the current input instance Xt (figure
1). This dependency is mathematically formulated as:

it = Φ(Wxi ∗Xt +Whi ∗Ht−1 +WcioCt−1 +bi)
ft = Φ(Wx f ∗Xt +Wh f ∗Ht−1 +Wc f oCt−1 +bi)

Ct = ft o Ct−1 + it o tanh(Wxc ∗Xt +Whc ∗Ht−1 +bc)
Ot = Φ(Wxo ∗Xt +Who ∗Ht−1 +WcooCt−1 +bi)

Ht = Ot o tanh(Ct)

(1)

where, the symbols ∗ indicate the convolution operation and o for element wise matrix multiplication. The
parameter W and function Φ are the layer weights and non-linear activation function respectively.

Figure 1. Convolutional recurrency (ConvLSTM) structure

The proposed model has employed the ConvLSTM-SE layers as its main module, with a structure shown in
Figure 2b. A 5ms speech segment is processed at every time instance, and half magnitude spectra of 160 point
short time Fourier transform (STFT) are fed into the network (F = 81). The model is trained to estimate the
clean output STFT magnitude corresponding to the noisy input. The noisy phase is then used to reconstruct
the enhanced output waveform. For this study, the ConvLSTM filters of size [1X3] with D = 256 channels are
considered. The final FC matrix has a dimension of [256*81,81].
To compare with, a recent neural model is considered [3]. It has a series of convolution layers of depth
D = 256 followed by a fully connected LSTM layer (Figure 2a). Both the models were trained in end-to-end
on the NSDTSEA data set [6] containing a wide range of real-life additive noises. Two objective evaluation
scores were used to evaluate the performance: perceptual evaluation of speech quality (PESQ) and short time
objective intelligibility (STOI).

Table 1. Model performance comparison

Metrics Noisy Naithani. et al. [3] ConvLSTM-SE
PESQR 1.86 2.03 2.10
STOI 0.28 0.56 0.60

Parameters 12.3 Million 4.2 Million

3 DISCUSSION
The model performances of the proposed model are in Table 1. Both models show similar performance in
terms of PESQ and STOI. However, the number of trained model parameters was reduced by 66%, from 12.3
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(a) A low latency model, Naithani. et al. [3]

(b) Proposed ConvLSTM-SE model

Million to 4.2 Million. This is mainly attributed to the convolutional recurrency (ConvLSTM) placed at the
initial layers, which had facilitated an efficient temporal modeling with minimum parameters.

4 CONCLUSION
In this work, we have proposed a neural network (NN) architecture using recurrent convolutional feature extrac-
tion, thereby facilitating efficient temporal sequence modeling for SE with fewer parameters. Relative to a low
algorithmic-latency baseline method, the proposed ConvLSTM-SE has reduced the NN memory load by 66%,
while maintaining the objective performance.
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ABSTRACT 
One of the established tests for speech intelligibility in quiet and in noise is the Oldenburg sentence test 
OLSA. This test evaluates the speech reception threshold (SRT), i.e., the speech level or signal-to-noise ratio 
that leads to a specified word intelligibility, using phonetically balanced 5-word sentences, where each word 
is equally intelligible. The standard matrix sentence test is audio-only, although it is known that adding visual 
information to a speech intelligibility task can change the outcome, e.g., increasing the speech intelligibility, 
or inducing the McGurk effect. Adding visual cues, i.e., being able to see the speaker, could alter the 
homogeneity of the words with respect to their intelligibility and the expected outcome of the matrix sentence 
test. In this work we compare the word-error and confusion patterns of the audio-only trials versus the 
audio-visual ones. Possible reasons of these effects are discussed. 
 
Keywords: audiovisual, matrix sentence test, OLSA 

1. INTRODUCTION 
In nowadays hearing clinics, there are several methods for testing the hearing ability of an 

individual. General features about hearing, such as hearing thresholds and loudness comfort levels, are 
commonly checked. The capabilities of understanding and hearing speech are crucial for human 
communication. Thus, speech intelligibility tests are also included. 

 
The matrix-sentence-test [1] uses short sentences to test speech intelligibility. The structure of the 

sentences is always the same, but the content cannot be predicted. Each sentence contains five words: 
a person name, a verb, a number, an adjective and an object. The words used in these sentences are 
chosen to be known and common in the spoken language and to represent the phoneme distribution of 
the language. There are ten different words for each position in the sentence (ten names, ten verbs...) 
and they are combined to create sentences. A test commonly contains fifteen to twenty sentences. The 
advantage of this test is that it uses grammatically correct sentences that cannot be semantically 
predicted. Additionally, the sentences can be reused in different conditions because they are not 
possible to remember, as there are too many possible word combinations. 

 
Most current speech intelligibility tests rely only on audio stimuli. Visual information is an 

important factor for speech intelligibility, as it increases when seeing the face of the speaker [2]. 
Individuals can lip-read the mouth movements and integrate it with the acoustic signal. Including 
visual information in matrix-sentence-tests is crucial to understand other factors that affect speech 
intelligibility. For example, the audiovisual integration and lip-reading capabilities of an individual 
could be evaluated using an audiovisual matrix-sentence-test. These factors would give a better image 
of the problems that the individuals with hearing impairments encounter in real situations, e.g. a good 
lip-reader might not have problems in face-to-face communication, but when using the telephone. 

 
One of the properties of the matrix-sentence-test is that the intelligibility of each word is similar. 

This is done to achieve a higher precision when measuring speech reception thresholds (SRTs). When 
this homogeneity between words is achieved, the speech reception curve becomes steeper, leading to 
higher precision in the SRTs measurements [3]. Including visual stimuli might affect this homogeneity, 
as some words might be easier to lip-read than others.  
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Visual speech can also affect the acoustic perception of speech. The McGurk effect affects speech 

syllable perception by showing incongruent visual speech [4]. Whether this effect still appears in the 
matrix-sentence-test is difficult to say. For example, it has been found that the McGurk effect does not 
have an influence when understanding full sentences [5]. Nevertheless, the OLSA test uses rather short 
sentences and a small set of words. The visual speech could influence how words are identified with 
others, in comparison to audio-only experiments. 

 
The goal of this work is to understand how visual information in the German matrix-sentence-test 

(OLSA) changes the word-error and word confusion patterns. Dubbed video recordings of the original 
speech material were used. 30 young normal hearing listeners were tested with different sensory 
modalities (audio-only, video-only, audiovisual). Figure 1 shows that seeing the speaker does not 
affect the intelligibility between words. Thus, the same property of the audio-only OLSA regarding 
similar speech intelligibility between words is kept. 

 

 

Figure 1. Boxplots of the word intelligibility in audio-only and audiovisual trials. 20 sentences were used per 

trial. Speech was presented in noise and participants chose the answers from a set of possible words. The 

speech level was changing to reach an intelligibility of 80%. Only the word intelligibility of the last 5 

sentences of each trial was used in this figure. 

 
Table 1 shows some of the effects of adding visual cues on a word level. Some words gained 

intelligibility when adding visual cues and could be well lip-read when there was no acoustic signal. 
For example, visual cues increased the speech intelligibility of “Blumen” by 33% and this word could 
even be lip-read and identified correctly on 75% of the sentences. Nevertheless, some new 
word-confusions appeared, e.g. “Tassen” was often confused with “Sessel” when visual cues were 
present (Table 1). These word confusions were most likely due to word similarity or due to containing 
parts of other word, e.g. “acht” and “acthzehn”. Audiovisual benefit could be attributed to some 
specific visual speech units (visemes). For example, words starting with “sh”, such as “schwere”, 
“schöne”, “Stefan”, “schenkt”, “Schuhe” and “Steine”, showed a higher audiovisual benefit and good 
lip-reading scores. Visual cues helped also to disambiguate between words. For example, “Bilder” and 
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“Ringe” were often confused in audio-only sentences, but not in audiovisual ones. In summary, the 
possibility to lip-read the speaker changed the word-error and confusion patterns between words. 
Some word ambiguities were resolved but some others were introduced. Lip-reading alone could 
provide speech intelligibility above 65% for certain words, which would invalidate any measurements 
that target audiovisual speech intelligibility below those levels.  

 

Table 1 – Relevant words that had an increase or decrease in intelligibility when adding visual cues. Best 

lip-read words and word confusion due to visual cues are also shown. 

Audiovisual benefit ( > 15%) Audiovisual detriment ( > 15%) 

bekommt, gibt, verleiht, malt, sieben, 

fünf, schwere, schöne, Blumen, Bilder, 

Ringe 

Tanja, gewann, drei, achtzehn, kleine, nasse, 

grüne, teure, Tassen 

Best lip-read words ( > 65% Speech 

Intelligibility) 

Word confusions due to visual cues 

(increase of word confusion by > 15%) 

Ulrich, Wolfgang, Stefan, Thomas, 

bekommt, kauft, schenkt, verleiht, malt, 

fünf, Blumen, Schuhe, Steine 

Peter-Britta, verleiht-gewann, acht-achtzehn, 

grüne-rote, Tassen-Sessel 
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ABSTRACT 

Noise levels in everyday environments are typically low enough to comprehend speech, but over extended 

periods of time, listeners may experience tiredness and even fatigue. We measured the neurophysiological 

compensation required to separate speech from noise – listening effort – using electroencephalography, for 

normal and AdaptDRC enhanced speech.  

AdaptDRC is a noise-dependent near-end-listening-enhancement algorithm which significantly improves the 

intelligibility of speech in noise and reduces subjectively rated listening effort (Rennies et al., 2018). 

Participants (N=27) completed a listening effort and intelligibility task using a categorical listening effort 

scale, in which sentences were presented at five SNRs and in two types of noise.  

Subjective listening effort was significantly lower, and speech intelligibility was significantly higher for 

AdaptDRC speech than unprocessed speech (p<.001). Analyses of the neurophysiological data show that 

there is a non-linear relationship between SNR and spectral alpha power with a peak between 0-5dB SNR, 

and that alpha power is sensitive to noise type and speech processing.  

These findings provide insight into the neurophysiological correlates of listening effort and aid the 

development of an objective measure of cognitive load for speech in noise. 

Keywords: Speech enhancement, listening effort, EEG 

1. INTRODUCTION 

Listening to and understanding speech is a task that normally hearing adults achieve effortlessly. 

However, in adverse conditions, the original speech signal may be distorted by reverberation, or 

disguised by noise. In such conditions, additional cognitive processing is required to separate the 

signal from the noise, requiring compensatory cognitive effort than listening to speech in quiet 

conditions, to maintain speech understanding at a high level. Pichora-Fuller et al. (1) defined cognitive 

effort as “the deliberate allocation of resources to overcome obstacles in goal pursuit when carrying 

out a task”, with listening effort applying specifically to listening tasks.  

Recent research using electroencephalography (EEG) has shown that neural oscillations in the 

alpha band region (8-12Hz) may modulate the suppression of task irrelevant information when 

listening to speech in noise (2). Winneke et al. (2016) found further evidence for this relationship; a 

hearing support algorithm significantly decreased spectral alpha power and subjective listening effor t 

for call centre employees (3).  

There is ongoing research regarding how listening effort is affected by speech enhancement 

algorithms (4). AdaptDRC is an example of a near-end-listening-enhancement algorithm, which 

adjusts the quality of a speech signal dependent on the noise in the environment  (details in 5). The 

AdaptDRC algorithm increases the intelligibility of speech in noise in competing talker, 

speech-shaped noise, and cafeteria noise conditions (6,7). It also reduces the subjective experience of 

listening effort, even when word recognition performance was at ceiling (4), demonstrating that 

compensatory effort is required when listening conditions are intelligible but challenging.  

In this experiment, participants performed a listening task while EEG was recorded. Participants 

were presented with sentences in background noise at different SNRs. 50% of trials were unprocessed 

and 50% were processed by the AdaptDRC algorithm.  

                                                        
1 Amy.jane.hall@idmt.fraunhofer.de 
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2. METHODS 

2.1 Participants 

27 normally hearing adult native German speakers aged between 18-30 years (M = 23.4, SD = 2.6) 

were recruited for this study and paid €10 per hour for their participation . The experimental session 

lasted for a total of 2.5 hours. This research was approved by the Carl von Ossietzky Universität 

Oldenburg Kommission für Forschungsfolgenabschätzung und Ethik (Drs.81/2017).  

2.2 Materials 

Sentences were chosen from the Oldenburg Satztest (OLSA) set, which consists of five word 

sentences with the structure name-verb-number-adjective-noun, spoken by a male German speaker. At 

each position, there are ten possible words, giving rise to syntactically legal but semantically 

unpredictable combinations, for example ‘Peter sieht acht nasse Steine’ Peter sees eight wet stones.  

Participants rated listening effort using a modified version of the Adaptive Listening Effort Scale 

(ACALES) (8), which is a 14-point scale with effort rating options ranging from ‘mühelos’ effortless 

to ‘extrem anstrengend’ extremely effortful and a further option of ‘nur Störgeräusch’ just noise for 

when they could not identify speech in the signal.  

Speech was presented in two types of noise: speech shaped noise (SSN) and cafeteria noise. The 

SSN was created by layering the speech items, producing unintelligible noise with the same long term 

spectrum as the test stimuli. The cafeteria noise was recorded in a busy cafeteria and consists of the 

sound of many voices, chairs scraping, and cutlery being used (9).  

Two types of speech were presented to participants: unprocessed or AdaptDRC processed speech. 

Details of the AdaptDRC algorithm can be found in Schepker et al., 2015 (5). The speech level was 

fixed at 60dB SPL and the noise level adjusted for each condition (-10, -5, 0, 5 & 10 dB SNR). 

For each SNR there were four conditions (unprocessed+SSN, unprocessed+cafeteria noise, 

AdaptDRC+SSN, and AdaptDRC+cafeteria noise) giving a total of 20 conditions in a 5x2x2 design.  

Sound mixing and speech enhancement processing was performed using MATLAB. Test stimuli 

were presented to participants over a single loudspeaker at 0° at a distance of 1.5m.  

2.3 Experimental Procedure 

2.3.1 Pure tone audiometry 
Pure tone audiometry confirmed that participants had normal hearing (<10Hz HL).  

2.3.2 Listening effort task 
Throughout the listening effort task, participants kept their gaze directly ahead and kept movement 

to a minimum during the trials. There were 10 blocks of 30 trials, with a short break between blocks. 

Each trial consisted of 500ms of noise, then two consecutive sentences in noise, then another 500ms of 

noise, followed by a question. In 25/30 trials, participants were asked ‘Wie anstrengend ist es für Sie, 

die Sprache zu verstehen?’ How strenuous is it for you to understand the speech? which they answered 

using the ACALES scale. For 5/30 trials, participants were asked ‘Bitte wiederholen Sie den soeben 

gehörten Satz und drücken Sie dann 'OK'.’ Please repeat the sentence you just heard, then press 'OK' 

and they then repeated the second sentence of the pair presented in the trial. The experimenter recorded 

the number of correctly repeated words in the sentence (0-5). These word recognition trials were 

included to ensure that participants were actively listening to the speech and to provide speech 

intelligibility data for the stimuli. The listening effort task lasted between 50-60 minutes.  

2.3.3 EEG data recording and analysis 
EEG recording: EEG data were recorded at 500Hz using a 24-channel cap with Ag/AgCl electrodes 

arranged according to the 10-20 system (EasyCap) and a Smarting Streamer mobile amplifier 

(mBrainTrain). Stimuli onsets, behavioural responses, and EEG data recording were synchronised 

using Lab Streaming Layer (10). Data analysis was performed using EEGLAB (11) in MATLAB.  

EEG data pre-processing: channel data were re-referenced offline to the average of the left and 

right mastoid electrodes and bandpass filtered (1-45Hz). Independent component analysis was run to 

identify and remove eye blink and muscle artefact components. Continuous data were divided into 

5000ms epochs per trial from the onset of the first sentence and baseline corrected (-200-0ms). 

Alpha power calculation: for each participant, per condition, a nonequispaced fast Fourier 

transform was performed on the epoched data and the average spectral power in the alpha band 

(8-12Hz) was calculated. This calculation was performed for every electrode.  
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3. RESULTS 

3.1 Behavioural Results 

Figure 1 shows speech intelligibility rates for all conditions. Percentage words correct significantly 

increased with increasing SNR in both noise types and in SSN there was a significant interaction 

between SNR and processing type, with AdaptDRC processed speech being more intelligible at low 

SNRs (3-way interaction SNR*processing type*noise type; F(4,1268) = 29.93, p < .001). Figure 2 

shows the listening effort ratings for all conditions. There was also a significant three way interaction 

between SNR, processing type, and noise type (F(4,1268) = 41.37, p < .001) on listening effort ratings. 

For both noise types, AdaptDRC significantly decreased listening effort ratings across all SNRs, but 

more so at lower SNRs. Listening effort ratings were lower for SSN than for cafeteria noise.  

 

Figure 1 – Mean words correct in percent. Error bars show 95% confidence intervals 

3.2 EEG Results 

Six participants were excluded from EEG data analysis after being confirmed as statistical outliers  

(defined as points more than or less than two standard deviations from the mean) . Results from each 

noise type were analysed separately. 

SSN: a repeated measures 5x2 ANOVA with the factors SNR and processing type revealed a main 

effect of SNR on mean spectral alpha power (8-12Hz) at electrode CPz (F(4,16) = 4.40, p = .02), with 

spectral alpha increasing with increasing SNR. There was no main effect of processing type.  

Cafeteria noise: a repeated measures 5x2 ANOVA with the factors SNR and processing type 

showed a main effect of processing type on mean spectral alpha power at electrode CPz (F(1 ,19) = 7.61, 

p = .01), showing higher alpha power for AdaptDRC processed speech. 

 

Figure 2 – Mean listening effort in Effort Scaling Categorical Units. Error bars show 95% confidence intervals 

4. DISCUSSION 

The behavioural data presented here replicate previous findings which show that AdaptDRC 

improves intelligibility and reduces subjective effort for speech presented in noise . Listening effort 
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was reduced even at SNRs for which speech intelligibility was at 100%, providing further evidence for 

a compensatory cognitive mechanism that facilitates excellent speech understanding in noise.  

AdaptDRC and SNR did not have the same effect on mean spectral alpha power for SSN and 

cafeteria noise. There was no effect of speech processing for SSN, perhaps due to the close to ceiling 

performance, even at -10dB SNR. There was an effect of SNR: alpha power increased with increasing 

SNR. This finding is contrary to previous data which has shown that spectral alpha is lower in easier 

listening conditions. For cafeteria noise, there is an effect of speech processing, with higher  spectral 

alpha values for AdaptDRC processed speech, and no effect of SNR. This finding does not support the 

hypothesis that cognitive effort is lower for more easily intelligible speech, and reflected by decreased 

alpha power. A possible explanation for this finding is that synthetic or artificial sounding speech 

increases cognitive load, even if it is more intelligible than natural unprocessed speech (12).  

5. FINAL REMARKS 

 

There were very large individual differences in baseline alpha power. Thus, further analyses are 

required to establish the true effects of differential cognitive processing requirements and listening 

effort on spectral alpha power, by controlling for these individual differences. Future studies will 

further explore the relationship between the cognitive effort required to understand speech in noise and 

how it can be measured using EEG and other established methods such as pupillometry.  
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ABSTRACT 
In the current study, we investigate the role of prosodic cues in speech-on-speech perception in musicians 
and non-musicians. Earlier studies have shown that musically experienced listeners may have an advantage 
in speech-on-speech performance in behavioral tasks (1,2). Previously, we have also shown in an eye-
tracking study that musical experience has an effect on the timing of resolution of lexical competition when 
processing quiet vs masked speech (3). In particular, musicians were faster in lexical decision-making when 
a two-talker masker was added to target speech. However, the source of the difference observed between 
groups remained unclear. In the current study, by employing a visual world paradigm, we aim to clarify 
whether musicians make use of durational cues that contribute to prosodic boundaries in Dutch, in resolving 
lexical competition when processing quiet vs two-talker masked speech. If musical training preserves 
listeners' sensitivity to the acoustic correlates of prosodic boundaries when processing masked speech, we 
expect to observe more lexical competition and delayed lexical resolution in musicians. We will compare 
gaze-tracking and pupil data of both groups across conditions.    
 
Keywords: speech-on-speech, cocktail-party effect, musical training, eye-tracking, pupillometry 

1. INTRODUCTION 
Musical training has been shown to have a positive effect in understanding speech in a competing 

talker(s) situation (1–3), also known as the cocktail-party phenomenon (4). Previously, we employed 
the visual world paradigm (5,6) to investigate whether the processing of speech masked by competing 
speakers differs between musicians and non-musicians (3). Our results indicated that musicians were 
faster in terms of resolving the lexical ambiguity and the speech masking engaged their attention 
differently. However, it remained unclear whether this positive effect of musical experience is due to 
musicians being better able to suppress the maskers or being more sensitive to the acoustic cues that 
matter in making the distinction between two words that are phonologically similar in their onset  

Speech comprehension involves resolving lexical competitions between phonologically similar 
items and acoustic ambiguities resolves as the speech signal unfolds in time. Durational cues that 
contribute to prosodic boundaries in Dutch are known to play a role in resolving this lexical 
ambiguities (7). For instance, onset-embedded words such as, ham/hamster that share the initial 
syllable have inherently different durational properties in the first syllable. In the current study, we 
aimed to investigate whether these cues that enable the resolution of lexical competition, as they have 
been shown to play a role in quiet speech (7), are picked up differently by musicians and non-

 
1  e.c.kaplan@rug.nl               
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musicians when speech is presented within a two-talker masker. We embedded monosyllabic words 
(ham) in polysyllabic ones (hamster), which in turn generated words containing longer syllables in 
spliced (ham+ster) words. Thus, there were durationally matching (hamster) or mismatching 
(ham+ster) target words, either presented without maskers in quiet , or within two-talker maskers. We 
measured participants’ eye-movements and changes in pupil dilation to capture the attention and effort 
induced by masking. If musically experienced individuals are more attentive to these durational cues 
despite the background noise, they are expected to exhibit more lexi cal competition and a delay in the 
lexical resolution when the durational cues are mismatching as opposed to the matching condition.  

2. METHOD 

2.1 Participants 
Twenty-five musically trained and twenty-six non-musician listeners with normal hearing 

participated in the study. The criteria for having normal hearing involved having less than 25 dB HL 
pure tone thresholds between 250 to 4000 Hz bilaterally. Musician criteria were based on the literature 
(8) to be: having more at least 10 years of training, having started music at/before the age of 7 and 
actively making music within the past 3 years, prior to the study.  

2.2 Materials 
For target sentences, we used twenty-six semantically neutral Dutch sentences, containing a 

polysyllabic target word (i.e., hamster) that enable the embedding of a monosyllabic word (i.e., ham). 
The recordings consisted of utterances of a Dutch female speaker without any regional accent (see (9) 
for details). The monosyllabic recordings were embedded in the polysyllabic ones to gener ate the 
target mismatching duration conditions.  

The masker sentence set was taken from another corpus (10) and consisted of meaningful Dutch 
sentences, uttered by a female speaker without any regional accent. The same female speaker’s voice 
was used to generate the two-talker maskers. The target speaker’s utterances were embedded within 
two-talker masker, such that the onset of the target speaker’s utterance was 500 ms after the onset of 
the maskers’ utterance. Also, the maskers ended 500 ms after the offset of the utterance of the target 
speaker. If the duration of a single sentence of the masker was not sufficient to go beyond the extra 
500 ms, another sentence was randomly chosen and added to the signal. All sentences were generated 
offline before the experiment. All sentences were presented at the same level of intensity, whether 
masked or quiet, of 70 dB SPL.  

Additionally, black and white pictures were created to be used in the visual world paradigm. The 
images consisted of the pictures that referred to the target words (hamster), phonological competitors  
(ham) and the semantically or phonologically unrelated distractors (box).  

2.3 Procedure 
All participants initially underwent audiometric check. Those with normal hearing proceeded with 

the experiment. Following these initial tests, the experiment took place in two parts. In the first part, 
participants were shown the pictures utilized in the experiment and asked to name them. 
Experimenters made sure the pictures were referred as the same as used in the experiment. Then, the 
eye-tracker was calibrated.  

The second part of the experiment had two blocks: in the first block, participants listened to the 
target speaker in quiet and the second block was consisted of the masked condition. The order of 
presentation of the blocks was always constant, since in the quiet block, participants were familiarized 
with the voice of the target speaker. Each block contained target matching and mismatching duration 
condition words. Before each list started, participants completed four practice trials. In each trial, 
participants initially saw a cross in the middle of the screen, which was followed by the simultaneous 
presentation of the audio and visual information. Participants were asked to pay attention to the target 
speaker’s utterances and choose the image that they heard in the utterance, from the four images 
displayed on the screen. Their gaze fixations to the four images, as well as the pupil dilations were 
recorded.  
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3. RESULTS 
The gaze fixations revealed that in the target matching duration condition, both groups performed 

similarly in terms of timing of lexical resolution. There was a slight delay for both groups in the 
masked condition of target matching duration condition. In the target mismatching duration condition, 
the timing of lexical resolution was delayed for both groups, but it was more so for the musically 
trained group. Both in quiet and masked speech, musically trained listeners exhibited more lexical 
competition and a delay in resolving the lexical ambiguity.  

4. CONCLUSIONS 
The target matching duration condition’s results were in line with our previous findings, where we 

observed a delay in timing of lexical ambiguity when masking was added to the speech signal (3). In 
the target mismatching duration condition, musicians appeared to be affect ed more by the 
mismatching duration than non-musicians, suggesting that they may be more sensitive to the 
durational prosodic cues despite the speech maskers. Both groups were affected by the speech masker, 
indicated by the delay in lexical decision-making; however, non-musician group appeared to be less 
affected by the duration manipulation both in quiet and in masked speech. Results will be analyzed 
employing growth curve analysis, which captures how the gaze fixation curves differ across time 
between groups and conditions. Additionally, pupil responses are still being processed for further 
analysis.  
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Abstract
Current evaluation methods for text-to-speech (TTS) synthesis rely solely on subjective rating scores. These
tests typically account mostly for how natural or intelligible the voice is. With state-of-the-art systems, these
measures are approaching ceiling and therefore alternative measures such as the cognitive load may become
more meaningful. To our knowledge, there is little or no recent work evaluating the cognitive load of state-
of- the-art text-to-speech systems. We use pupillometry as a measure of cognitive load. The pupil has been
found to dilate upon increased cognitive effort when carrying out a listening task. Currently we are evaluating
speech generated by a Deep Neural Network TTS synthesiser. In our method, we generate stimuli that step
incrementally from natural speech to synthesized speech by changing only a single feature at a time. Stimuli are
presented to listeners in speech-shaped noise conditions.
Keywords: text-to-speech, evaluation, cognitive load

1 INTRODUCTION
Text-to-speech (TTS) is artificial speech that is generated using a computer when a transcript is provided as
input and the corresponding speech waveform is the output. Many real-world applications today, like voice-
assistants such as Alexa and Google Home, speak using TTS. As these applications become more popular, the
impact that such technology has on the end-user becomes important. Some studies have lead us to believe
that whilst listening to synthetic speech our human cognitive processing system is placed under greater demand
than listening to human speech. Therefore, if the quality of synthetic speech is not as high as natural speech
this could lead to negative implications such as fatigue. Current evaluation methods for text-to-speech synthesis
is limited and often does not include any measurement of cognitive load. Cognitive load was last measured
for TTS when rule-based systems existed and therefore have become outdated. Cognitive load has yet to be
measured on state-of-the-art TTS systems. Therefore, the aim of this work is to measure cognitive load of
Deep Neural Network (DNN)-based TTS and understand the shortfalls in comparison to natural speech that
lead to an increased cognitive load.

2 METHODOLOGY
2.1 Cognitive load measurement
Initial studies in the 1960’s [5] measured pupil size while observers made pitch judgments. Results showed that
a substantial dilation occurs immediately after the presentation of the comparison tone. Also, the size of the
response was found to be closely correlated to the difficulty of the discrimination task. These results provided
support for using pupillometry as an index of cognitive load. Recently, pupillometry has become popular in
measuring cognitive load in speech understanding. It is typically referred to as listening effort [7, 6, 11].
Findings suggest listening effort correlates (positively) with pupil dilation. The more effort utilized, the larger
the pupil dilates. These studies investigated listening effort of natural speech in the presence of noise which
is intuitively more effortful. Therefore, following a similar approach we developed a pupillometry paradigm to
measure the cognitive load of synthetic speech that was presented in [2] and is used in this work.
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Figure 1. Architecture of a conventional DNN-speech synthesis system

2.2 Conventional DNN-speech synthesis
The architecture of a DNN-speech synthesis system is illustrated in Figure 2. In a conventional DNN system,
text and audio pairs are used to train the models. Text is first processed using a front-end (eg., Festival in [1]).
The objective of the front-end is to create a linguistic specification which captures important textual features
like pronunciation, contextual features, stress patterns, part-of-speech etc. In the feature extraction block, the
vocoder (eg., WORLD vocoder in [8]) extracts acoustic speech parameters from natural speech. Following
the standard "build your own voice" recipe in Merlin [10], the features extracted are mel-cepstral coefficients
(MCC), logarithmic fundamental frequency (F0) and band-aperiodicities (BAP). Before training the duration
model, forced alignment is performed to get frame-by-frame time-aligned labels. These time-aligned labels
are used to train the duration model. The acoustic model is then trained frame-by-frame using the linguistic
features as input and the acoustic features as output. At synthesis time, duration predicted by the duration
model are used by the acoustic model to generate the acoustic speech parameters features frame-by-frame.
These parameters are then passed to the vocoder which the generates the waveform.

2.3 Experimental Conditions
The conditions evaluated consist of varying configurations of a DNN-based speech synthesis that steps gradually
from natural to synthetic speech by changing only one acoustic speech parameter (described in Section 2.2) at
a time. To do this, a full DNN TTS system was first trained. Then, to construct the intermediate configurations
(A and B) we swapped the predicted mel-cepstral coefficients with the mel-cepstral coefficients extracted from
natural speech. In the same manner we swapped the fundamental frequency speech parameters. Thereby creating
mixtures of synthetic spectral features and "perfect" F0 features and vice versa. In another configuration (C), we
generated acoustic features using natural duration as opposed to using the duration model. In addition, natural
speech, vocoded speech and full TTS were included in the evaluation. In total 6 conditions were evaluated.

2.4 Experimental set-up
Our pupillometry experimental set-up comprises an SR-Eyelink eye-tracker that collects pupil measurements at
500Hz. Participants are recruited and the experiment lasts 30-45 minutes. The task of the listener is to fixate on
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Figure 2. Pupil dilations when listening in -1dB, -3dB, -5dB, Dur: Duration)

a black cross shown in the centre of the screen whilst listening to sentences through headphones. To confirm
the listener is listening and paying full attention they are expected to repeat the sentence. This is also used
to calculate recall accuracy. The experiment is divided into blocks each containing one of the TTS system
configurations evaluated. After each block, the listener is asked to rate their: difficulty in listening, perception
of how natural the voice sounded and motivation to pay attention.

2.5 Stimuli
For each condition, 100 sentences from the Glasglow Herald Newspaper were synthesised. Each synthesised
sentence was mixed with speech shaped noise at signal-to-noise-ratios of -1dB, -3dB and -5dB. 54 Native
English participants were recruited and divided equally in each of the three experiments: -1dB, -3dB and -5dB.

3 RESULTS AND DISCUSSION
All pupil data collected was first processed prior to analysis which includes: Trial exclusion, deblinking and
downsampling. Figure 2 presents the average of all remaining trials across all participants for each condition
evaluated. Pupil dilation is presented as the event related pupil dilation (ERPD) % change from the baseline
which is calculated as follows:

ERPD% = (pupil_size−baseline)
100

baseline
(1)

where pupil_size is a single pupil size sample in the trial and the baseline is the average of all pupil size
samples that falls in a 1 second window prior to the onset of the sentence (illustrated by the black line in
Figure 2. This equation is applied to each sample from the onset on the sentence until the verbal response.
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In all conditions we observe that the ERPD is the lowest when listening in noise at -1dB SNR. This is in line
we what we expect, if the task is easy then pupil dilation should be low. For Natural speech and configuration
C we observe that the ERPD remains the same even in the -3dB condition. For these two conditions, this
suggests that the listening effort remained the same even though the SNR level was more challenging. Only
in the most difficult SNR level at -5dB, an increase in pupil response was observed. For Vocoded speech, we
observe that in both -3dB and -5dB they pupil response remains the same. This suggests that listeners found it
equally effortful at -3dB and -5dB. The ERPD evoked at -3dB for Vocoded speech was the same height as that
for -5dB in Natural speech. Therefore, this suggests that listeners reached ceiling for Vocoded speech already at
the easier SNR of -3dB. For the remaining three configurations A and B and Full DNN TTS, we observe that at
the -5dB SNR, the evoked pupil response was lower than -3dB. A possible explanation for this finding is that
listeners could not cope when listening in -5dB SNR level. As consequence, the pupil response reflects fatigue.
This result was also found in [9]. Two out of the three systems that struggle in the -5dB SNR comprise of
spectral features that have been predicted from the text. Configuration C, which performed the best differs only
to Synthetic speech in duration. Therefore, the key findings of this work is that poor spectral prediction and
poor duration prediction contribute to an increased cognitive load.

(All pupil data was statistically analysed using growth curve analysis and presented in [3] together with a more
detailed discussion of the findings.)

4 CONCLUSION
The work described here is one of many experiments that have been conducted towards measuring the cognitive
load of text-to-speech synthesis [2, 4, 3]. The main contributions of cognitive load we have discovered thus
far include poor spectral and duration prediction. Ongoing work aims to discover the influence of the vocoder
itself by making comparisons with state-of-the-art phase and neural vocoders as opposed to the conventional
source-filter vocoders used in this work.
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ABSTRACT 
When people direct their auditory selective attention in a specific direction, the information from that 
direction can be perceived easily, even in a noisy environment. Understanding how this effect is distributed 
spatially is important. The extent of spatial distribution may depend on the direction of the attention focus, 
and thus may differ between the frontal and oblique directions. In the present study, we investigated the 
dependence of the spatial extent of auditory selective attention on the focus azimuthal direction. To 
examine the spatial extent, speech intelligibility was measured in a multi-talker environment. In the 
experiment, a target sound and multiple distracting speech sounds were presented simultaneously from 
loudspeakers surrounding observers. By manipulating the probability of the target presentation directions, 
the listener’s auditory spatial attention was directed to a specific loudspeaker. The attracted direction was 
one of three directions: –30, 0, or +30 degrees. The results showed that the greatest improvement in 
intelligibility was observed at the attracted direction, for all attracted directions. The spatial extent of the 
auditory selective attention seems identical for all attracted directions. This means that the attention 
spotlight is not modulated by the direction of the attention. 
 
Keywords: auditory spatial attention, cocktail-party effect, auditory scene analysis, psychoacoustics 

1. INTRODUCTION 
In real-world listening environments, various sounds are mixed acoustically before reaching our 

ears. Nevertheless, even in the environment, most normal-hearing listeners can extract a sound of 
interest from the mixed sounds. This remarkable ability, called the “cocktail-party effect” (1, 2), has 
been studied for over half a century. Despite its essential importance for both communication and 
orientation in space, a number of important questions remain. 

Among the questions regarding the cocktail-party effect for which we are lacking a satisfactory 
answer is how human listeners highlight one sound (voice) from background noises. Numerous 
previous studies have addressed what kind of physical characteristics contributed to the sound 
source segregation in a “cocktail-party” situation (for review, see (3–6)). Bregman (3) proposed a 
theory known as "auditory scene analysis". In this theory, a stream segregation involves the 
grouping together of sounds according to frequency, spatial, and temporal aspects, following Gestalt 
principles (e.g., sounds that start at the same time are more likely to be coming from the same 
source). Indeed, several studies have demonstrated that such acoustical characteristics can facilitate 
segregation of the target sound from background noises. For example, Ebata and his colleagues  (7) 
demonstrated that when a listener hears a target sound in the presence of masker sounds that are 
spatially separated from the target, the detection threshold of the target sound is lower than in a 
situation when they are co-located.  

Although the physical characteristics of the sounds themselves affect the performance of the 
segregation, it is also necessary for listeners to actively focus on to the target sounds, which is 
known as selective attention. Indeed, recent studies have reported that auditory attention in the 
spatial domain (hereafter “auditory spatial attention”) plays a critical role in this ability under a 
complex listening environment (8–10). Kidd and his colleagues (9) demonstrated that the 
                                                        
1 terar@dc.tohoku.ac.jp  
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performance of perceiving the target sound is relatively high when the listener knows a priori where 
the target sound will be presented in multi-source listening environments. Furthermore, we also 
demonstrated that speech intelligibility in a multi-talker environment is improved when the auditory 
spatial attention is directed to a specific direction where the target sounds are presented (10). These 
studies suggest that auditory spatial attention contributes to the occurrence of the cocktail-party 
effect. 

When a human listener directs their spatial selective attention to a specific location, the effects of 
the spatial attention spread over a range around the focal point, in accordance with the “spotlight” 
metaphor (11–12). This phenomenon has been well-documented in the visual domain. Indeed, a 
recent electrophysiological study demonstrated the spatial spread of visual spatial attention (13). In 
the auditory domain, there are a few pieces of evidence suggesting that auditory spatial attention 
operates in the manner of a spotlight of attention (10, 14). Our study has demonstrated that listening 
performance (i.e., speech intelligibility) decreases as the angular distance from the center of 
attentional focus increases (10). However, previous studies have investigated the spatial spread of 
auditory spatial attention only in regards to the frontal direction. It is still unclear whether the shape 
of the spatial spread is identical between the frontal and oblique directions.  

In general, the spatial acuity of hearing is particularly good when the sound source is located 
near 0 degrees azimuth. This performance generally deteriorates as the angular distance moves off 
the front, and then, this performance is the worst at 90 degrees. Mills (15) measured the resolution 
of an auditory location with broadband or low-frequency sources by the threshold angle for 
discriminating the position, called the minimum audible angle (MAA). This study showed that the 
MAA is always more than 40 degrees at an azimuth of 90 degrees, although the MAA is 
approximately 1 degree at the front of the listener. These studies suggest that the auditory spatial 
resolution is not constant, and differs depending on the angle. This tendency may also influence the 
spatial extent of auditory selective attention, because a human listener must first localize the sound 
of interest to then direct auditory spatial attention to the specific direction. However, it has still 
unclear whether the shape of the auditory selective attention is different between the frontal and 
oblique directions. To investigate this question, we examined the respective widths the spatial extent 
of auditory selective attention when the listener's attention is attracted to –30, 0, or +30 degrees, and 
compared these spatial extents. 

2. METHODS 

2.1 Listeners 
Twenty listeners (fifteen males and five females, aged 20–24 years, mean age 21.6) participated 

in the experiment. All listeners were naïve to purpose of the experiment. All listeners were native 
Japanese speakers with normal hearing acuity. Informed consent was obtained from each listener 
before the experiment. The procedure was approved by the Ethics Committee of the Research 
Institute of Electrical Communication of Tohoku University.  

2.2 Apparatus and stimuli 
The experiment was conducted in an anechoic room at the Research Institute of Electrical 

Communication, Tohoku University. Figure 1 shows the experimental setup. In the anechoic room, 
five loudspeakers were set circularly on a horizontal plane centered on the listener, in intervals of 
30 degrees: – 60, – 30, 0, + 30 and + 60 degrees (a positive value represents the right-hand side of 
the listener). The radius of the loudspeaker array was 1.6 m. 
The speech sounds, comprised of four Japanese moras uttered by male and female speakers, were 
selected from the “Familiarity-controlled Word lists 2003” (FW03 (16–17)). The target words were 
selected from the one thousand entries of the FW03 ranked as the highest familiarity. These words 
were entries of the “Familiarity-controlled Word lists 2007” (FW07 (18–19)), which is a shrunken 
version of FW03 for clinical use. The total number of the target words was 400 (20 lists, with 20 
words per list). The other 600 words were used as distractors.  In this study, one female (fhi) and one 
male (mya) voice were assigned as the target and distractor, respectively. 

The A-weighted sound pressure level (LAeq) of each target and distractor speech was 65 dB at the 
position of the center of the listener’s head. The target and four distractors were simultaneously 
presented from five loudspeakers. 
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2.3 Procedure 
In the experiment, data was collected for two conditions: cue and probability-control. The order 

of the two conditions was counterbalanced across the listeners.  For both conditions, the listeners 
were instructed to focus on the target speaker (i.e., female speaker) , and to write down the uttered 
words on a response sheet as soon as they heard the words. Moreover, the listeners were asked to 
keep their head stationary and straight ahead at 0 degrees during the entire session. One target word, 
uttered by the female speaker, was presented from one of the five loudspeakers, while four 
distractors, uttered by the male speaker, were presented from the other four loudspeakers. 

In the cue condition, the loudspeaker where the target speech sound would be presented was  
indicated beforehand. To indicate the direction of this loudspeaker, a burst of 500 ms of white noise 
(including a 10 ms rise/fall, sound pressure level: 65 dB) was delivered via the loudspeaker, 
1000 ms prior to the presentation of the speech sounds. The listeners were asked to direct their 
attention to the loudspeaker from which the cue was presented. This condition consisted of 
100 trials; five lists (i.e., 100 words) were assigned as the target speech sounds, and 400 words were 
selected from the 600 distractor candidates and assigned as distractors. In one session, the five 
target lists were separately assigned to five target loudspeakers in the directions of – 60, – 30, 0, 
+ 30, and + 60 degrees. Consequently, 20 target speech sounds were presented from each 
loudspeaker. The order of the words and the loudspeakers where the target speech sounds were 
presented were randomized. 

In the probability-control condition, the direction was not explicitly indicated to the listeners. In 
contrast, to implicitly attract attention to a specific loudspeaker, the probe-signal method was 
applied (20). Among the 400 trials, the target speech sound was presented from the loudspeakers at 
+ 30 degrees (or – 30 degrees) in 80% of the trials (hereafter the “primary angle”). In the remaining 
20%, the target speech sound was presented from one of other four loudspeakers , chosen randomly 
(hereafter the “probe angle”). That is, 16 lists (i.e., 320 words) were presented from the primary 
angle, whereas four lists (i.e., 80 words) were presented from one of the other four loudspeakers . 
For half of the listeners, the loudspeaker at – 30 degrees was assigned as the primary angle. For the 
remaining listeners, the primary angle was + 30 degrees. With this procedure, we could expect that 
listeners could be aware that most target speech sounds were presented from the loudspeaker at + 30 
degrees (or – 30 degrees), resulting in attention directed at the primary angle. 

3. RESULTS 
Word intelligibility scores are shown in Fig. 2. The scores are plotted as a function of the 

loudspeaker direction from which the target speech sound is presented. Data points and error bars 
represent the mean and standard error, respectively, across listeners. Solid squares and open 
triangles represent the results of the cue and probability-control conditions, respectively. To match 

Figure 1 – Schema of the experimental setup. The listener sits on a chair at the center of the loudspeaker 
array, facing the front (0 degrees). 
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the number of trials in each data point, the results of the probability-control condition at 0 degrees 
(or ±30 degrees) are the results of the last 20 trials among the 320 trials. 

From this figure, it appears that the mean intelligibility scores in the probability-control condition 
are approximately 15–20% lower than those in the cue condition, in all primary angle conditions. A 
two-way repeated-measures analysis of variance (ANOVA) was performed on the mean data across 
all listeners with the condition (cue/probability-control) and target speech sound directions (– 60, –

 30, 0, + 30 and + 60 degrees) as the factors to each primary angle condition. In the – 30 degrees 
condition, the main effect of conditions is close to significant (conditions: F1,9 = 4.13, p = .073, η2

G 
= .107, target speech directions: F4,36 = 5.31, p = .002, η2

G = .187, conditions × target speech sound 
directions: F4,32 = 1.66, p = .180, η2

G = .034). The post hoc test (Ryan’s method, p < .05) revealed 
there are no significant differences. In the 0 degrees condition, only the main effects are significant 
(conditions: F1,17 = 6.20, p = .023, η2

G = .070, target speech directions: F4,68 = 6.03, p = .003, η2
G 

= .082, conditions × target speech sound directions: F4,68 = 2.24, p = .073, η2
G = .040). The post hoc 

test (Ryan’s method, p < .05) revealed significant differences in direction between + 30 and 
+ 60 degrees, – 60 and + 30 degrees, 0 and + 60 degrees, and – 30 and + 60 degrees. In the 
+ 30 degrees condition, the main effect of conditions is insignificant (conditions: F1,9 = 0.91, p 
= .365, η2

G = .001, target speech directions: F4,36 = 7.95, p < .001, η2
G = .219, conditions × target 

speech sound directions: F4,32 = 1.24, p = .031, η2
G = .040). The post hoc test (Ryan’s method, p 

< .05) revealed significant differences in direction between 0 and + 60 degrees, – 30 and 
+ 30 degrees, – 30 and + 60 degrees, and – 60 and 0 degrees. The results show the word 
intelligibility in the cue condition is higher than that in the probability-control condition, though 
these differences are not statistically significant. 

4. DISCUSSION 
In the present study, we investigated whether the spatial extent of auditory selective attention is 

different between the frontal and oblique directions. In the cue condition, the word intelligibility 
score was measured when the auditory spatial attention was explicitly directed to the loudspeaker 
from which the target speech sound was presented. In contrast, in the probability-control condition, 
the word intelligibility score was measured when attention was implicitly directed to the primary 
angles (i.e., + 30 or – 30 degrees) using the probe-signal method. Therefore, when the target speech 
direction was not the primary angle, the auditory attention in the probability-control condition was 
not directed to the target speech direction. The results show that the word intelligibility scores in the 
cue condition are higher (mean=15%) than those of the probability-control condition when the target 
speech direction is not the primary angle. These results reveal that an improvement of speech 
intelligibility by auditory spatial attention is observed regardless of the angle of attentional focus.  

Notably, the results shown in Fig. 2 represent not only the effect of auditory spatial attention, but 

Figure 2 – Word intelligibility score as a function of the direction of target speech sound (a. the primary 
angle is – 30 degrees, b. the primary angle is 0 degrees (Adapted from Teraoka et al. (10)), c. the primary 
angle is + 30 degrees). Solid squares and open triangles represent the results of the cue and probability-

control conditions, respectively. Error bars denote the standard error of the mean.  
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also the effect of other factors, such as the release from masking. Therefore, to analyze the effect of 
the auditory spatial attention, we extracted the effect of the attention by subtracting the scores of the 
probability-control condition from those of the cue condition. Figure 3 shows the results as a 
function of the target speech direction. Figure 4 shows the relative angular distance from the 
primary angle when all three primary angles are aligned at 0 degrees. Figure 3 shows that the 
difference at the primary angles is lower than those at any other probe angles. Furthermore, this 
score monotonically increases as the direction deviates from the primary angle, up to ± 60 degrees. 
The spatial pattern may represent a spatial spread of auditory selective attention. A one-way 
repeated-measures ANOVA was performed on the mean data across all listeners, with the target 
speech directions as a factor to each primary angle condition. In the – 30 degrees condition, there is 
no significance (conditions: F4,36 = 1.66, p = .180, η2

G = .072). In the 0 degrees condition, the main 
effect is significant (conditions: F4,36 = 1.24, p = .312, η2

G = .092). The post hoc test (Ryan’s method, 
p < .05) revealed a significant difference in direction between 0 and + 60 degrees. In the 
+ 30 degrees condition, there is no significance (conditions: F4,36 = 1.19, p = .330, η2

G = .090). 
These results indicate that the spatial spread of the auditory selective attention is flat in all three 
primary angle conditions except for the 0 degrees condition, as shown in Fig.4. However, these 
results seem to suggest that there is a peak of the function at each primary angle. Thus, if the 
experiment were conducted with a larger number of listeners, we could expect that a significant 
notch might appear at the primary angle, as in the 0 degrees condition. 

In Fig. 2, as the distance from the target speech direction increases from 0 degrees, the observed 
score also increases in all three primary angle conditions, in the two presentation conditions. This 

Figure 3 – Difference of word intelligibility score as a function of the direction of target speech sound 
(a. the primary angle = – 30 degrees, b. the primary angle = 0 degrees (Adapted from Teraoka et al. (10)), 
c. the primary angle = + 30 degrees). Solid squares represent the results of the difference these conditions. 

Error bars denote the standard error of the mean. 

Figure 4 – Difference of word intelligibility score as a function of the relative angular distance from the 
primary angle. Thickest line, mid-thickness line, and thinnest line represent – 30, 0, and + 30 degrees of 

the primary angle condition, respectively. Solid squares represent the results of the difference these 
conditions. Error bars denote the standard error of the mean. 
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result is inconsistent with the results of the previous study (8). The reason for the difference is the 
effect of a spatial release from masking (4, 6, 21–23). In this experiment, the target speech sound 
and distractors were presented by five loudspeakers (– 60, – 30, 0, + 30, and + 60 degrees). When 
the target speech sound was presented from 0 degrees, the numbers of distractors to left and right of 
the listener were the same. In contrast, when the target was presented from other directions, the 
numbers of distractors on the listener’s left and right were different. For example, when the target 
sound was presented from the peripheral direction (e.g., ± 60 degrees), compared with to present 
from the center ones, the distance between the target and distractor is relatively longer. Then, due to 
the effect of the spatial release from masking, the effect of masking is reduced as the distance from 
distractor to target sound. The results of the present study may reflect the above factor. 

As mentioned in the introduction, the MAA broadens as the angular distance from the front (i.e., 
0 degrees) increases. This means that the auditory spatial resolution is not constant , and differs 
depending on the angle. Thus, sound source localization is necessary when the auditory spatial 
attention is directed to a specific location. We expected that the spatial extent of the auditory 
selective attention is affected by such factors (e.g., the spatial extent becomes broader as the 
distance from 0 degrees increases). However, Fig. 3 and Fig. 4 indicate that the spatial extent of the 
auditory selective attention is similar in all three primary angle conditions. The results suggest that 
there is no directional selectivity in the spatial extent of auditory selective attention. Thus, the 
present result is not consistent with our expectations. This seems to us to lead to an interesting 
future study. 

5. CONCLUSIONS 
In the present study, we investigated whether the spatial extent of auditory selective attention is 

different between the frontal and oblique directions. The results show that the spatial extent of 
auditory selective attention is similar in all three primary angle conditions, which suggests that the 
same factor determines spatial extent independently of attention directions.  
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ABSTRACT 

Hearing-impaired (HI) individuals are shown to perform worse in auditory emotion recognition tasks 

compared to normal hearing individuals. It is still unclear if this is due to processing at low auditory levels or 

to categorisation of emotions that are involved in an experimental task (1). An index of emotion recognition 

can be observed in pupil dilations, which have recently been shown to dilate more for emotionally 

meaningful speech in comparison to emotionally neutral speech (2). We fitted 8 older HI participants, who 

had moderate to severe sloping high-frequency hearing loss, with frequency lowering enabled hearing aids 

for an acclimatisation period of 3-6 weeks. We recorded their pupil dilations in response to emotional speech 

with and without frequency lowering, during a passive-listening condition, both before and after the 

acclimatisation period. We also recorded their pupil dilations during an active-listening condition, which 

included a behavioural emotion identification task, after the acclimatisation period. We present here insights 

into the pupillary correlates of vocal emotion recognition in the HI population and the impact of frequency 

lowering and the cognitive involvement elicited by the experimental situation on pupil dilation and emotion 

recognition capabilities in this population. 

 

Keywords: Emotion, Pupillometry, Emotion recognition, Hearing-impaired, Frequency Lowering 

1. RESULTS 

 

Figure 1 – Aggregated Event-Related-Pupil-Dilation (ERPD) plot for the passive-listening condition. The 

onset of the stimulus occurs at 0 ms.  
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Figure 1 – Aggregated Event-Related-Pupil-Dilation (ERPD) plot for the active-listening condition. The 

onset of the stimulus occurs at 0 ms.  

DISCUSSION 

The communication of emotion is an essential part of our daily interaction, and recognising emotions 

can elicit a reaction in the observer, such as the well-known fight or flight response. Pupil dilations 

have been demonstrated to dilate more for emotional in comparison to neutral stimuli across several 

stimulus types, including pictures, environmental sounds, music, and, more recently, speech (2,3,4,5). 

The pupillary response has also been shown to illustrate mental effort, attention, and other cognitive 

processes (6,7,8). Therefore, in order to investigate the nature of the pupillary response in response to 

emotional speech stimuli, we tested both a passive and active listening condition. The results for the 

passive-listening condition reflect the appearance of specific pupillary profiles for different emotional 

stimuli, whereas this appears much less defined in the active-listening condition. This could suggest 

that both emotional and cognitive processing affect pupil dilation and this can be shown in an older HI 

population.  
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ABSTRACT 
In anechoic, multi-source listening situations, the auditory system is remarkably capable of understanding 
speech. An improvement in speech intelligibility is observable when interfering and target speakers are 
spatially separated compared to being co-located. The present study investigates the influence of 
reverberation on speech intelligibility of a reverberated target placed in front of the listener in the presence of 
symmetrically placed anechoic interferers. A simulated binaural room impulse response (BRIR) is 
systematically truncated at different durations to investigate the effect of reflections. Measurement 
conditions consisted of co-located and separated speakers that were presented, using BRIRs for the target 
speaker and HRTFs for the interferers. It was found that reflections can have an opposite effect on speech 
intelligibility. Whereas for spatially separated speakers, added reverberant components impair speech 
intelligibility, for co-located conditions speech intelligibility improves. This suggests that the auditory 
system may utilize the spatial diffuseness of the target source in co-located conditions to perceptually 
segregate it from the interfering anechoic sources. In spatially separated conditions, the difference in 
perceived location of the sources may be the dominant cue for segregation such that diffuseness caused by 
adding reverberation does not further improve intelligibility. 
 
Keywords: Binaural speech intelligibility, room-acoustics, reverberation 

1. INTRODUCTION 
It is well known that in multi-talker conditions, the speech intelligibility improves when the target 

speaker is spatially separated from the interfering speakers [1]. Various contributing factors have been 
mentioned such as better ear listening, binaural unmasking, and the contribution of binaural cues to 
auditory stream segregation [1,2].  

Modelling approaches that can predict the improvement in speech intelligibility are often based on 
Equalization and Cancellation processing [3, 4, 5] which was originally proposed in the context of 
basic psychoacoustic experiments of tone in noise masking [6]. The essential idea is that the left and 
right input signals that occurs at a certain moment in time within a specific frequency band is first 
temporally aligned and equalized in level such that after subtracting of the modified signals the 
interferer is mostly cancelled thus improving the target speech to interfering speech ratio.   

The presence of reverberation can impair speech intelligibility. The precise reasons are not yet well 
understood. In the context of an Equalization and Cancellation model, the reverberation will lower the 
correlation of the interfering signals at the two ears which will make cancellation less effective. 
Alternatively, spatial cues will be modified due to the presence of reverberation which could make 
their contribution to auditory stream segregation less effective. The Equalization and Cancellation 
model has been extended to include the effect of reverberation by partitioning the reverberated target 
speech in components that contribute to speech intelligibility (direct sound and early reflections) and 
components detrimental for speech intelligibility (late reverberation) [7,8]. These latter components 
are considered as additional masking components [8]. 
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r = 1.5 m 60° 

In this contribution, we were interested to see how well a reverberated target speaker could be 
understood in the presence of two anechoic interfering speakers. Both co -located and spatially 
separated configurations will be investigated as well as diotic presentations. More specifically, the 
Binaural Room Impulse Response (BRIR) will be truncated after various cut-off times. In this way, the 
effect of early and late reflections on speech intelligibility can be investigated in order to determine the 
extent to which they are detrimental to speech intelligibility. As will be shown, the expectation that 
more reverberation should impair speech intelligibility does not always hold  and depends on the 
spatial configuration of the target and interfering speakers.   
 

2. Method 
The following section describes the experimental setup, i.e. the room-acoustical conditions, the 

spatial orientation of the interfering and target speakers and the manipulation of the BRIR to 
investigate the role of single reflections and reverberation on binaural speech intelligibility. 

 

2.1 Room-acoustical conditions and spatial locations of the speech sources 
 

 

 
Figure 1 – Room-acoustical conditions that were used in the subjective evaluation. Panel A (left) shows the 

room dimensions, the orientation of the listener relative to the location of the interfering and target speakers, 

respectively. Panel B (right) shows the first 30 ms of the BRIR at the target speaker location with an example 

truncation time τ of only direct sound (DS) or e.g. 20 ms. 
 
 
In order to investigate the role of reflections and reverberation on speech intelligibility in rooms, 

the room acoustic simulation software RAZR [9] has been used to simulate binaural room impulse 
responses (BRIR). It combines an image source model to simulate early reflections and a feedback 
delay network for the late reverberant part.   

Figure 1 shows the dimensions of the room and spatial orientation of the speakers that were used in 
this study. Table 1 shows additional room properties. The position of the listener is somewhat 
off-centered and the facing direction is slightly rotated to avoid a symmetrical setup. The target 
speaker is located in front of the listener at a distance of 1.5 m. The interfering speakers are located at 
-60° and +60° to the left and right relative to the target speaker. The distance between listener and 
interfering speakers is kept constant to 1.5 m to have an equal direct sound level independent of the 
targets’ location. 

The reverberation time (RT) is controlled via the RAZR simulation software by adjusting the 
absorption coefficients that are equally distributed across the walls to obtain a RT of 0.8 s and 1.6 s. 
This adjustment allows to preserve the temporal structure (in terms of the acoustical path lengths) of 
the early reflections. Consequently, only the strength of the late reflections changes. 

DS 
e.g. τ=20 ms 
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Table 1 – Shown are the room properties, i.e. room dimensions, reverberation time, direct to reverberant ratio 

and the distance between listener and speech source. 

 Dimensions (x,y,z) Reverberation time DRR Distance 

Room A 10 m x 6.5 m x 3 m 0.8 s -0.4 dB 1.5 m 

Room B 10 m x 6.5 m x 3 m 1.6 s -2.9 dB 1.5 m 

     
 
 

2.2 Stimuli & subjective procedure 
The target speech stimuli consisted of ongoing speech tokens (spoken by a male) from the German 

version of the OLSA-speech corpus [10]. The sentences consist of 5 words (name, verb, numeral, 
adjective, subject) randomly chosen and without any semantical meaning with a duration of approx. 
2.5 s. As interfering speech stimuli, two different female speakers were taken from two audiobooks  
spoken in German language. The two independent interfering speech tokens were truncated to a total 
interval-duration of 3.5 s. The target speech was temporally centered within the interferers resulting in 
an onset-delay between interferer and target speaker.  

The spatially separated condition were created by convolving the tokens with the BRIR stemming 
from one of the three locations. The target speech originated always from 0° and the two interferers 
either from -60° or +60° allowing the auditory system to make use of binaural cues to segregate the 
target and interfering speakers or to use better-ear listening to improve speech intelligibility. 

The co-located condition consisted of the target and the two interferers originated from 0° which 
does not allow the auditory system to make advantage from binaural cues  but still allows better-ear 
listening 

The diotic condition consisted of the left ear signal of the co-located condition but was presented to 
both ears. The left ear was arbitrarily chosen. This monaural signal contained no binaural information 
and does not allow the auditory system to make use of neither binaural cues nor better-ear listening.  

In order to investigate the role of early and late reflections on binaural speech intelligibility,  only 
the target speakers’ BRIR was manipulated and the interfering speakers’ BRIR only consisted of the 
direct sound (DS) to convey only undistorted directional information to the listener  without any 
reflections. The target speaker BRIR was truncated to: 

 
a) The direct sound (DS) to simulate anechoic/free-field condition,  
b) A duration of 10 ms, in which only ground and ceiling reflections occurred (i.e. monaural 

information of the reflections) 
c) 20 ms which includes ground and ceiling (monaural) and left and right-wall (binaural) 

reflections 
d) 125 ms to cover all early reflections but without the late reverberation 
e) The full impulse response (full IR) that is technically defined by the reverberation time 

illustrated in Table 1.   
 

The symmetrically placed interferers were presented anechoic by convolving the tokens with the 
direct sound of the BRIR to obtain a binaural signal with the interaural cues stemming from the proper 
location of the interferers with respect to the spatial condition. 
In order to investigate the effects of additional reflections on speech intelligibility and to avoid an 
additional loudness cue caused by the reflections, the level was normalized independent of the 
duration of the truncated BRIR. 

 The signal to noise ratio (SNR) was controlled by taking the mean-value across both ears of the 
root-mean-squared value of the binaural signals after spatialization.  

In order to measure speech reception thresholds (SRTs), the interfering talkers were calibrated to a 
constant level of 65 dB-SPL. To reach the 50% speech intelligibility point, the SNR between the target 
and interfering talkers is adaptively adjusted depending on the answer of the subject. To obtain the 
SRT50, a total set of 15 sentences per condition were used.  
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Eight subjects in total participated in the subjective evaluation. Subjects were normal-hearing (pure 

tone audiogram<20 dB). They participated in two sparate blocks at which one block consisted of 15 
threshold measurements (3 spatial coditions x 5 truncations times) and each had a duration of 
approximately 90 minutes, but subjects were instructed to have a rest whenever it was necessary. 
Before a daily block, subjects had an initial training of six conditions which spanned a variety of the 
three spatial conditions but were not part of the main experiment. All 15 conditions were randomized 
across subjects whereas a room-acoustical condition was not divided across the two daily blocks 
because literature shows that prior listening in rooms can improve speech intelligibility [11]. 

3. Results 
Figure 2 shows the results of the subjective evaluation for both room-acoustical scenarios. 

Illustrated are speech reception thresholds (SRT) at 50 % speech intelligibility displayed by mean 
values and standard error across subjects for the spatially separated, co-located and diotic condition. 
Panel (A) shows the results for the room with 0.8 s and (B) with 1.6 s.  

When both, the target and the interfering talkers are presented in anechoic condition, i.e. only the 
direct sound but with the binaural cues stemming from the particular location, the spatial separated 
talker configuration shows a binaural benefit of about 5 to 6 dB compared to co-located and diotic 
condition. This result is independent of the RT, because the level of the direct sound was kept constant 
across room-acoustical condition. This behavior can also be seen for a truncation time of τ=10 ms. The 
small differences can be attributed to the two additional (purely monaural) reflections stemming from 
the ground and ceiling and cause a comb-filter like effect in the spectra but does not add additional 
binaural information to the target stimulus.  

For the separated condition, the SRTs monotonically decrease from approx. -13 dB to -11 dB for 
room A and to -9 dB for room B with increasing truncation time. Main differences between the rooms 
are observable when the full BRIR is presented and results in SRTs of approx. 2 dB across spatial and 
room-acoustical conditions. This difference can be mainly attributed to the change of the strength of 
the late reflections.  

The co-located condition shows with increasing truncation time an increase in SRTs of about 2 dB 
for room A and approx. 4 dB for room B compared to the anechoic condition. This behavior seems to 
be independent of the strength of the late reflections and converges to the separated condition after a 
truncation time of 125 ms. 

  
Figure 2 – Speech reception thresholds (SRT50) measured in the presence of two anechoic interferers for 

room 1 (A) with a reverberation time (RT) of 0.8s and room 2 (B) with RT=1.6s. The x-axis represents the 

truncation time τ (ms) of the BRIR of the target speaker location and the y-axis represents the SRTs. 

Illustrated are the mean across subjects and the standard error of the mean for the spatially separated (blue 

diamonds), the co-located (red triangles) and the diotic condition (green squares).
 
 

(A)                                      (B) 
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The diotic condition reflects a constant behavior till a truncation time of 10 ms for room A, 
increases to a truncation time of 20 ms and is saturated for the remaining part of the BRIR. Room B 
shows a similar behavior of increasing SRTs after 20 ms even though the increase for room B is more 
prominent and no saturation in SRTs are visible. 

Comparing the separated and co-located with the diotic condition measured with the full BRIR 
within and across both rooms, the binaural benefit in SRTs is approx. 5 dB for room A and 4 dB for 
room B when a reverberant target speaker is masked with anechoic interfering speakers.   

 

4. Discussion 
In the speech intelligibility experiments we presented in this contribution  using anechoic 

interfering speakers and a target speaker that was convolved with a Binaural Room Impulse Response 
(BRIR) truncated at various truncation times, we found that for the spatially separated condition, an 
increase in truncation time leads to reduces speech intelligibility (increased SRTs). This finding is in 
line with the common understanding that speech intelligibility is impaired by added reverberation. 
Note that the target signal was always level normalized and thus was independent of the truncation 
time. This implies that with increasing truncation time, the direct sound component and early 
reflections decrease in level. Already at 20ms truncation time, we see an impairment in speech 
intelligibility indicating that for speech intelligibility it is better to concentrate all target signal energy 
within the direct sound and at most first 10 ms early reflections.   

Rather contrary to the findings with separated speakers, the co-located condition showed that with 
longer BRIRs applied to the target speaker, speech intelligibility improves (i.e. SRTs decrease) up to 
truncation times of 125 ms. Thus, this leads us to conclude that reverberant components up to 125 ms 
contribute to speech intelligibility.  

An explanation for this finding may be that for the co-located condition, the anechoic interfering 
speakers and the target in case it is rendered only with a direct sound component create a spatial image 
that provides no spatial cues that would allow to segregate the target speaker from the interfering 
speakers. When, however, early reflections are added to the target speaker, the spatial diffuseness of 
the target increases, and now the spatial image of the target speaker extends beyond the position of the 
interfering speakers. This would allow to spatially segregate the target from the interferers.  A further 
explanation for this improvement in SRTs might be due to the binaural information conveyed by the 
first order reflections (sidewalls) that can be used to improve speech understanding and which are in 
our set-up is co-located with the interfering speakers in the spatially separated configuration.  

It is interesting that the BRIR components in the range from 20 ms until 125 ms can be both 
detrimental, in case of separated speech sources, and useful, in case of co-located speech sources.  

To support the contribution of spatial diffuseness cues, results can be compared to the diotic 
conditions. In this case neither spatial localization cues, nor spatial diffuseness cues are available. In 
this case, a pattern of SRTs is obtained that is similar to the separated condition, only for the diotic 
condition SRTs are shifted up by about 4 to 6 dB. 

Possibly the pattern of results for the co-located conditions could be predicted by an Equalization 
Cancellation model for which the Equalization stage attempts to cancel the interfering speakers. When 
spatial diffuseness increases, more target speech components will remain after cancellation. Such an 
EC model would, however, in order to model the diotic conditions, require some stage that allocates 
some of the late BRIR parts of the target speech to be detrimental components that mask the early 
target speech components. Thus, this leads us to conjecture that the determination of what are 
detrimental signal components will depend on spatial configuration in line with a similar conclusion 
reached in [7].   

Note also that typically Equalization Cancellation models do not include an explicit stage 
modelling auditory stream segregation contributions to speech intelligibility although this has been 
shown to be an important contributor to speech intelligibility [12].   

In the experiments shown here, two different T60 time conditions of 0.8 and 1.6 s were used. 
Despite the large difference in these T60 times, no strong difference in speech intelligibility was found. 
This may be related to the relatively small source-receiver distance of 1.5 m which creates a relatively 
strong direct sound component in the BRIRs and thus a relatively similar direct reverberant ratio (see 
Table 1). 

To summarize these results show that target signal components between 20 ms and 125 ms can both 
be detrimental and useful for speech intelligibility.  
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5. Summary & Conclusion 
We found that reverberation reduces speech intelligibility in case target and interferers are spatially 

separated. In contrast to this, when adding reverberation only to a target speaker that is co-located with 
anechoic interfering speakers, the reverberation leads to an improvement of speech intelligibility. It 
was hypothesized that the spatial diffuseness of the target speaker helps to better segregate this speaker 
from the interferers.  
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Abstract
Recently, we presented the results of a binaural masked detection experiment in which a noise target was tem-
porally embedded within a lead/lag noise masker pair [4]. The results show that the inter-stimulus interval (ISI)
between the masker and its reflection changed the detection threshold significantly. For low ISIs of 2-ms, the
average masked detection was −11 dB, but for a greater ISI of 20 ms, the threshold was much higher (−2 dB).
In the experiment, masked detection thresholds did not depend on whether the masker lead was on the same side
as the target (with the lag on the contralateral side) or the other way round.

Keywords: Binaural Hearing, Binaural Masking Level Difference (BMLD), Precedence Effect

1 INTRODUCTION
In reverberant environments, sound source localization is often dominated by the directional cues of the wave-

fronts that propagate directly from the sound source and precede the arrival of reflections off nearby surfaces.

That is, despite the presence of reflections that arrive along many different trajectories, listeners’ perceived lo-

cation of sound sources often corresponds closely with the actual location of the sound source itself. This is

called the precedence effect (PE). Two competing theories exist to explain the precedence effect. One assumes

that the auditory system at least partly “removes” the lag stimulus from the incoming signal and then estimates

the position of the sound source based on the remaining signal (Research Hypothesis I – signal removal). This

could occur as the result of neural processes not specific to the PE (e.g., [8]) or mechanisms specifically pur-

posed for the PE (e.g., [2]). Another theory assumes that the auditory system “disregards” the localization cues

of the lag signal and estimates the location of the sound source based on the directional cues of the lead (Re-

search Hypothesis II – cue disregard) [9]. The present study reported here used a masked detection experimental

paradigm to investigate which of the two research hypotheses is correct. For this purpose, the detectability of

a target signal embedded in a lead/lag-based masker was tested. If the lagging stimulus is removed (Research

Hypothesis I), the test participants would have clear access to the lead signal on its own and the results would

then be similar to those where the same target is embedded in a masker with no lag. If, instead, the lag stim-

ulus remained during auditory processing but the directional information of the lag was minimized (Research

Hypothesis II), the results for both test conditions should differ substantially because the lag would continue to

act as an additional masker.

2 PREVIOUS PSYCHOACOUSTICS STUDY
In this section, the results of a binaural detection threshold experiment from [4] are described that will be

analyzed in the next section. Masked detection thresholds were obtained using an adaptive staircase method

after Levitt [?] based on a three-alternative, forced-choice paradigm. In this experiment, Gaussian noise signals

were used for both the target and the masker. All signals were bandpass filtered to restrict the frequency range

of the signal to 200–1000 Hz using 128-coefficients FIR filters. The masker duration was 500 ms with 20-ms

cos2 on and off ramps. The target duration was 200 ms with 5-ms cos2 on- and offset ramps. In all cases, the
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Figure 1. Schematic for the six stimulus configurations.

target was always presented 200 ms after the masker onset. A masker-independent noise sample was used to

compute the target. The target signals were lateralized using an interaural time difference (ITD) of 300 μs. Six

different spatial conditions were tested for the masker – see also Figure 1:

1. Ipsilateral Masker Condition (S+M+): The masker was spatially placed at the side ipsilateral to the target

using an ITD of +300 μs (dichotic masker).

2. Contralateral Masker Condition (S+M−): the masker was spatially placed at the opposite side using an

ITD of −300 μs.

3. Summing Localization Masker Condition, diotic masker: (S+M+M−): using a masker with two identical

components with simultaneous onsets. The first component was spatially placed at the ipsilateral target

side using an ITD of +300 μs ms, the second presented contralaterally with an ITD of −300 μs.

4. Summed Uncorrelated (dichotic) Masker Condition (S+MA+MB−): a masker pair as in Condition 3, but

using two summed uncorrelated pairs.

5. Ipsilateral Masker with Contralateral Reflection Condition (S+M+Rm−): the masker was spatially placed

at the opposite side using an ITD of −300 μs (dichotic masker) with an additional reflection from the

same side −300 μs, presented after an ISI of 2, 5, 10, or 20 ms.

6. Contralateral Masker w/ Ipsilateral Reflection Condition (S+M−Rm+): the masker was spatially placed at

the opposite side using an ITD of −300 μs with an additional reflection from the opposite side +300 μs,
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Figure 2. Results of the detection experiment showing the detection threshold for a Gaussian noise-burst target

in the presence of a lead-lag pair masker as a function of the interstimulus-interval (ISI). The solid black curve

shows the results for the contralateral masker lead. The dashed curve depicts the results for the ipsilateral

masker lead. The gray curves show the baseline conditions. Each data point shows the average over all five

listeners, the error bars depict the standard deviation – from [4].

presented after an ISI of 2, 5, 10, or 20 ms.

Figure 2 shows the results for all six conditions of the experiment. For the S+M+ condition, the target and

the masker have the same spatial properties, the masked detection threshold was measured at −3 dB (gray

dashed line). For the S+M− condition, where the masker was presented from the side opposite to the target,

the masked threshold was found to be −18 dB (gray solid line), indicating a spatial release from masking of 15

dB. Similarly, for the S+M+M− diotic masker condition, the masked detection was measured at −14 dB (gray

dashed-dotted line). In this case, the spatial release from masking was 11 dB. The highest masking threshold at

−1.8 dB was found for the uncorrelated masker (S+MA+MB−).

For conditions where the masker was a lead/lag pair (S+M+Rm+ and S+M+Rm−), performance was nearly the

same regardless of whether the lead masker ITD favored the same or opposite side to the target. For both

conditions, the masking thresholds approach the threshold for the diotic masking condition at low ISI values

and approach the threshold of the uncorrelated masking condition at high ISI values. Also, variability is very

consistent across all the different conditions, with values between 1 and 2 dB.

When the target and masker were presented from the same direction (300 μs ITD), our baseline condition, the

threshold was −3 dB. This value is in general agreement with data by [1], who measured a −5 dB threshold

for a 200-ms broadband noise target masked by conditions, 500-ms Gaussian noise masker (500-ms duration

with its onset preceding the target onset by 200 ms). The 2-dB difference between both studies can be easily

explained; the study reported here used band-pass filtered signals instead of the broadband signals used by

Braasch [1], so less information was available to the test participants for making a decision than in [1]. Good

et al. [7] previously showed that binaural masking level difference (BMLD), a measure of spatial release from

masking, strongly depends on the frequency range of sounds, in their case; low, mid, and high, using free-field

signals, so the inclusion of more high-frequency energy in the stimuli of [1] could be expected to make a
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Figure 3. Monaural spectral changes resulting from interference between the leading and lagging masker com-

ponents for different ISI values for an adjusted 0-dB target-to-masker ratio. The actual masker levels are shown

for different auditory bands as the difference to the target level. LM denotes the level of the masker, and LT

denotes the level of the target. A gammatone filterbank was used to simulate the auditory filters. Each bar

shows the mean result for 10 simulation runs using different noise samples. Error bars denote ±1 standard

deviation.

difference in results as well.

In addition, we found:

1. The effect clearly depends on the ISI, for long ISI we see the effect of the ipsilateral masker plus a sight

threshold elevation for an additional contralateral noise.

2. For short ISIs both ipsilateral and the contralateral masker components interfere and cannot be perceptu-

ally separated, leading to similar results as a diotic masker

3. Over the whole tested ISI range it does not make any significant difference if the ipsi or the contralateral

masker component comes first, meaning there is no evidence for the PE effect playing a role here.

3 BINAURAL CUE ANALYSIS
Binaural and monaural cues were analyzed within auditory bands to understand how the direct sound masker

and the reflection interfere at different ISIs. The leftmost column of Fig. 3 shows the computed level differences

between the masker and the target for the left ear, therewith, if both the masker and the target have the same

level before the reflection is applied. The second column from the left depicts the computed level differences

between the masker and the target for the right ear. At an ISI of 2 ms, the reflection cancels out the signal at a

frequency of 250 Hz, because 2 ms is half the period of a 250-Hz sine tone, shifting this frequency component

out of phase. Since both the direct (lead) masker signal and its reflection (lag) have ITD cues pointing in
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Figure 4. All possible pairwise comparisons with a Student’s t-test. Individual conditions are listed in the

leftmost column. For conditions which included a lead/lag masker pair, the delay between lead and lag (in

milliseconds) is indicated within square brackets. All other columns show the comparisons, with the listed

number of the comparison condition indicated at the top of each column. For example, the p-value for the

comparison of the the 5-ms ISI S+M+R− condition with the same condition but with a 10-ms ISI is shown at

the intersection of the 6th row and the 7th column.

opposite directions, the actual delay of the reflection is 2.3 ms in the left ear and 1.7 ms in the right ear. This

explains why the minimum level difference is observed at two different frequency bands for the left and right

ear signals. In both cases, the minimum level difference is slightly less than −10 dB. At this frequency, the

masker signal is about 10 dB below the target signal if the nominal target-to-masker level difference is 0 dB.

At an ISI values of 5-ms, the cancellation frequency declines to 100 Hz. While this frequency is below the

lower cut-off frequency of the stimuli, residual energy still exists because of the roll-off characteristics of the

high-pass finite-impulse-response filter (Matlab function fir1.m with 128 filter coefficients). At the right ear,

the lowest masker-to-target level difference is found in the 100-Hz band with a value of −6 dB. At the 10-ms

and 20-ms ISI values, the masker level no longer varies much from the average level difference of 3 dB in

the relevant frequency range. The 3-dB value corresponds to the level increase found for adding two equally

intense uncorrelated noise sources.

Further, it was expected that the threshold for the condition with the additional uncorrelated noise masker

(S+MA+MB−) of approximately −2 dB, would be even higher than the baseline condition. The additional

masker component only affected the masked detection threshold slightly, because its spatial properties differ

from the congruent spatial cues of the first masker component and the target. The BMLD between the S+M−
and S+M+ conditions was 15 dB, which corresponds to the general BMLD for the M0Sπ versus MmSm condi-

tion cited in the literature [11] (Table 12.2).

Listener performance for the conditions with lead-lag pair maskers (S+M+Rm− and S+M−Rm+) was highly

dependent on the inter-stimulus interval (ISI) between the lead and the lag masker components. However, it

made hardly any difference whether the lead masker was presented from the same or opposite side to the

target. In general, the thresholds rose monotonically with the ISI. When the delay between the first and second

masker was 2 ms ISI, the results were similar to those of the diotic masker condition (S+M+M−). In fact, the

diotic masker condition can be seen as a special case of the lead/lag pair masker with an ISI of 0 ms where

lead and lag arrive simultaneously. The measured thresholds for stimuli with lead/lag masker pairs were similar

to those found by [6] who tested a lead/lag pair masker (noise or talker) for a fixed ISI setting (4 ms). For

the noise masker the authors found no BMLD improvement, but for the talker interference, the BMLD was in

the order of 6 dB for most conditions. The authors mainly attribute the improvement to informational masking
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effects. Similar to our findings, [6] found that which side lead and which side lagged also made essentially no

difference to the results for both noise and speech.

In this context, it is noteworthy that the echo threshold, and therefore the ISI dependency on the lag’s impact, is

highly signal dependent as previous studies have shown – e.g., see [5]. However, more important than the actual

values is the general trend that the perceptual influence of the lag on detecting the target highly depends on the

ISI. For low ISIs, the lead-lag pair demonstrates spatial properties that perceptually differ from the spatial cues

of the target, while for high ISIs, the lead-lag pair behaves like an uncorrelated noise pair. For high values of

ISI, one of the underlying signals has the same spatial properties as the target, causing a relatively high masked

detection threshold.

For the low ISI conditions, we assume that the signals interfere with each other and produce new spatial cues

that can be used by the listener to spatially separate the target from the masker. Studies, such as [3] and

[10] have shown that for small ISIs two interfering ITD-based signals that are identical except for a delay can

produce very high Interaural Level Differences (ILD) due to interference effects. In both cases (high and low

ISIs), the temporal order of the arrival of lead and lag does not matter.

4 CONCLUSIONS
In a sound localization tasks, the auditory system largely disregards the information from the later arriving sig-

nals if lead and lag are identical and the delay between both signals is within a few milliseconds. For detection

tasks, however, the temporal order does not matter and the hypothesis that that auditory system completely

removes the lag from the superposed signal (Research Hypothesis I) can be ruled out. These considerations,

together with the results presented here, suggest that the PE does not need to be taken into account to explain

our data. The interference between the direct sound and the reflection for small ISIs leads to energy reductions

in isolated frequency bands. The magnitude of these reductions is in the same order as the threshold decrease

measured from the 20-ms ISI condition. For small ISI’s, the interference effects also create large shifts in

binaural cues in isolated auditory bands.
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ABSTRACT
Binaural phenomena have been interpreted based on a variety of acoustical parameters, including interaural 
differences of time, level, and envelope. Models based on these parameters often include physiological  
transformations, such as peripheral filters, including nonlinear filter-based models. However, the 
transduction of the mechanical response of the cochlea into an electrical response is generally not included in 
binaural models, except for the bandwidth limitations imposed by the low-pass filtering of the IHC 
membrane filter. Inner-hair-cell (IHC) saturation and its interaction with basilar-membrane compression 
have a qualitative effect on the signals are provide the inputs to the binaural nervous system. Saturation of the 
IHC voltage strongly shapes the responses to stimulus parameters that are conveyed to the central nervous 
system. IHC saturation influences the temporal pattern of auditory-nerve (AN) responses, and in particular 
affects the amplitude of low-frequency fluctuations in AN rate functions in response to complex sounds. Here, 
we re-examine some classical binaural phenomena in terms of the interaural differences of neural fluctuation 
amplitudes of AN rate functions. We also examine response profiles across populations of model midbrain 
neurons that are sensitive to both neural fluctuation frequency and interaural differences.

Keywords: Interaural Differences, Binaural Detection, Physiological Modeling, Computational Modeling

1. INTRODUCTION
Neural models for binaural detection and sound localization typically focus on sensitivity to 

interaural differences of time (ITDs) and level (ILDs) and spectral cues for elevation. Based on 
psychophysical and physiological responses to tones, the neural coding of ITDs is generally attributed 
to the cells in the medial superior olive (MSO) and coding of ITDs to cells in the lateral superior olive 
(LSO) (1). Cells in the MSO receive excitatory inputs from both ears, and they also receive inhibitory 
inputs from both ears via the medial and lateral nuclei of the trapezoid body, providing the substrate for 
more complex processing than straightforward excitatory-excitatory (EE) processing (2).
Physiological recordings from LSO cells that receive excitation from the ipsilateral ear and inhibition 
from the contralateral ear support models for excitatory-inhibitory (IE) mechanisms; however, the 
LSO and MNTB are relatively small in humans as compared species typically used in physiological 
studies (3-6). 

Because of the difficulty of recording in the lower brainstem, most in vivo binaural physiology are 
from the midbrain, in the inferior colliculus (IC) in mammals, rather than in the lower brainstem. Most 
IC recordings have been based on manipulations of ITDs and ILDs of tones or interaural correlations
of noise (e.g. 7-9). The ITD and ILD sensitivity of IC cells is often assumed to be “inherited” from the 
MSO and LSO, although the fact that IC cells receive both excitatory and inhibitory inputs from other 
brainstem nuclei. These inputs include excitatory projections from predominantly monaural nuclei 
such as the anteroventral cochlear nucleus (AVCN), and inhibitory projections (via the ventral nucleus 
of the lateral lemniscus) from octopus cells in the posteroventral cochlear nucleus (10). Thus, EI 
interactions that occur at the level of the IC provide a potential basis for binaural sensitivity.

IC neurons that are sensitive to interaural differences are generally also sensitive to changes in the 
fluctuations of their inputs, as often illustrated by tuning to amplitude-modulated (AM) stimuli (11).
AM tuning can generally be elicited by either diotic stimuli or by monaural stimuli presented to the 
contralateral ear, thus the mechanisms for AM tuning must not be dependent upon binaural inputs. 
Because the IC is the first level of the ascending pathway where strong rate-based tuning to AM is 
observed, it is also clear that this tuning is not “inherited” from the inputs to the IC. Several models for 
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AM tuning have been proposed (12); these models generally depend upon interactions between 
excitatory and inhibitory inputs to the IC (13). Interactions between ITD and AM stimulus 
manipulations have previously been demonstrated (14-15). Here we consider evidence that these 
excitatory-inhibitory interactions, in addition to EE mechanisms, may be an important component in 
understanding binaural detection phenomena.

One strategy for understanding binaural detection has been to take advantage of differences in 
performance of psychophysical tasks across different stimulus waveforms, e.g. differences in binaural 
detection across reproducible (‘frozen’) tokens of gaussian noise. Models based on interaural 
cross-correlations, which can explain mean thresholds for many low-frequency binaural tasks (e.g. 
16-17). These models are challenged by results from “molecular” level psychophysical results (18),
such as detection in reproducible-noise (19-22). Detailed detection performance across ensembles of 
reproducible maskers, for both diotic and dichotic 500-Hz tone-in-noise detection, is best explained by
envelope cues in the form of interaural envelope differences (IEDs) (23-25). In contrast, these detailed 
reproducible-noise datasets are not well explained by models based on interaural time differences (21,
24), which are generally assumed to be important for binaural detection of low-frequency tones. 
ILD-related cues, and even optimal linear combinations of ITD and ILD cues, are not as successful as 
the IED cue in explaining detailed binaural detection of 500-Hz tones in wideband or narrowband 
gaussian noise (24). 

The IED result makes sense given the EI interactions that occur at several stages of the auditory 
pathway, and the fact that starting in the periphery, auditory neurons encode the envelope of complex 
sounds, including noise. Analysis of IEDs reveals that they are a nonlinear combination of ITD and 
ILD (24). However, IEDs can be more simply understood as a simple EI interaction between neural 
inputs that follow the envelope of the stimulus. The fact that the auditory CNS is particularly sensitive 
to slow fluctuations in stimulus envelope provides the motivation to pursue a better understanding of 
this representation.

Here, we go beyond IEDs to consider interaural differences of neural fluctuations (IDNFs), the
low-frequency fluctuations in the responses of AN fibers, as opposed to envelope fluctuations in the 
stimuli. Cochlear filtering creates relatively large, low-frequency fluctuations in the mechanical 
response of the inner ear. This response is then transduced by the inner hair cells (IHCs) into a voltage 
that drives release of neurotransmitter and excitation of AN fibers. The transduction process involves 
a nonlinear function that slowly saturates over a range of moderate sound levels (26-28). This 
saturating nonlinearity has a strong effect on the amplitudes of response fluctuations. In general, in 
response to complex sounds with nonuniform spectra, CFs near spectral peaks will have responses that 
are more saturated than fibers tuned away from the peaks. 

Neural fluctuations are not simply related to stimulus energy – a tone, or for example a harmonic in 
a complex tone or a harmonic near a spectral peak of a voiced sound, or any narrowband stimulus 
component near CF, will “capture” the response of the IHC (29-30, review 31). Capture of the AN 
response by a single harmonic results in a response that is dominated by one frequency component, and 
thus the envelope of the post-stimulus-time-histogram (PSTH) of the response is “flat,” resembling 
that of a response to a pure tone. In contrast, the PSTH of AN responses for fibers tuned away from 
harmonics lock onto amplitude fluctuations caused by beating between stimulus components. An 
important point here is that the “neural fluctuations” in the AN responses do not simply reflect the 
stimulus envelope. Neural fluctuations are strongly shaped by the IHC transduction nonlinearity, and 
therefore are also affected by cochlear amplification (and potentially by gain control) that determines
the operating point of this nonlinearity.

Neural fluctuations are of particular interest for coding of complex sounds, including binaural 
stimuli, because IC cells with binaural sensitivity are typically also sensitive to “AM,” i.e. to the 
fluctuation amplitudes of their neural inputs. The goal of this paper is to explore whether binaural 
models that are sensitive to neural fluctuations can also explain basic IC physiological properties, such 
as phase-sensitivity. The focus is on IC cells with characteristic frequency near 500 Hz, for which we 
have reproducible-noise data; however, the same principles and general model structure can be applied 
to higher CF cells that are have stronger ILD sensitivity and weak ITD sensitivity.

2. METHODS
The peripheral model responses are from the Zilany et al., (32) AN model. IC model cells are based 

on the strategy of Krips and Furst (33), with coincidence-detecting neurons that receive excitatory and 
inhibitory inputs. Responses of four model structures are illustrated here: IC Model 1) The simplest 
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model had the structure of the same-frequency inhibitory-excitatory model for AM tuning in the IC 
(SFIE, 13), receiving contralateral excitation and contralateral inhibition. This model is AM sensitive, 
but of course does not have any sensitivity to binaural differences. IC Model 2) Simply adding 
inhibitory inputs that are driven by the ipsilateral ear yields a cell with AM tuning and sensitivity to 
ITD and ILD. IC Model 3) The third model considered here has an EE stage that receives excitatory 
inputs driven by both ears. IC Model 4) Finally, we combine an EE stage with inhibitory inputs from 
the contralateral sides. 

The ITD and ILD sensitivity of each model was evaluated, along with its ability to predict the 
variance across frozen noise waveforms, i.e. the average detection patterns across subjects, for a 
500-Hz tone in wideband (100-3000 Hz) gaussian noises in the NoSo (diotic noise and tone) and NoSpi
(diotic noise, with tone that is inverted to one ear) configurations (22). The difference in threshold 
between these two stimulus configurations (34) is referred to as the binaural masking level difference 
(BMLD). 

Model parameters were not adjusted to fit detailed response properties of individual neurons. 
Instead, the model structure was of interest, and the general trends in the different binaural response 
sensitivities, as well as the ability of each model to explain the BMLD data. The coincidence windows
used for the EE stages was 0.5 ms. The CFs of all peripheral inputs to the model were tuned to 500 Hz. 
Inhibitory inputs were delayed by 2 ms. A single input, driven by the AN model, was used for each 
excitatory input (intermediate stages representing the cochlear nucleus were not included in this 
preliminary model.) After the EE stage, inhibitory inputs from one or both ears converge on the IC cell. 
The coincidence window over which an inhibitory inputs suppressed the cell’s response was 0.5 ms. 
The total number of inhibitory inputs, when included, was 20; when the inhibition arose from both 
ipsilateral and contralateral sides, 10 inputs from each side were included.

3. RESULTS: MODEL RESPONSES
IC Model 1: This model is an implementation using a Krips & Furst (33) EI neuron of the SFIE

model for AM tuning in the IC (13), receiving contralateral excitation and contralateral inhibition. 
This model is AM sensitive, but of course does not have any sensitivity to binaural differences. As a 
result, the ITD and ILD curves are flat (Fig. 1). 

Figure 1 – Responses of IC Model 1. The top two panels show IC Model average discharge rate (spikes/sec) 

as a function of ITD and ILD. The bottom 4 panels show IC Model rate in response to each of the 25 noises in 

the ensemble of reproducible noises from Evilsizer et al. (22). The proportion of the variance in the average 

human listener’s detection pattern (hits or false alarms for each noises waveform) that is explained by the 

model rate profile is indicated in the title above each panel.
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The model predicts a substantial amount of the variance in the NoSo detection pattern for hits, as 
expected (23). The fact that this monaural model predicts some of the variance in the NoSpi detection 
pattern is due to the correlation of the envelope cues between the NoSo and NoSpi configurations. 

IC Model 2: This model is the same as Model 1, except that half of the inhibitory inputs are driven 
by the ipsilateral ear, and half by the contralateral ear. This binaural model has phase sensitivity, 
shown in the cyclic ITD curve. This model also predicts the NoSo detection results, with similar 
quality as Model 1. However, it does not predict the detection pattern for the NoSpi detection, 
suggesting that a model excited by the contralateral ear and inhibited by both ears cannot describe 
binaural detection, despite having reasonable ITD sensitivity.

Figure 2 – Responses of IC Model 2. Same format as Fig. 1.

IC Model 3: The third model considered here has an EE stage that receives excitatory inputs driven 
by both ears. This model received no inhibitory inputs, and is thus most closely related to a classical 
EE cross-correlation-based model. Although the model has strong phase sensitivity, as shown by the 
cyclic ITD curve, it cannot predict the differences in detection performance across reproducible 
waveforms for either NoSo or NoSpi stimulus configurations.

g y
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Figure 3 – Responses of IC Model 3. Same format as Fig. 1.

IC Model 4: Finally, we combine an EE stage with inhibitory inputs from the contralateral side.
This model has both ITD and ILD sensitivity, and also explains substantial variance in both NoSo and 
NoSpi detection patterns. (Note that a similar model configuration, but with half of the inhibition from 
contralateral and half from the ipsilateral side failed to predict the NoSpi detection pattern. Not 
shown.)

Figure 4 – Responses of IC Model 4. Same format as Fig. 1.
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4. CONCLUSIONS
This study focused on several basic midbrain model configurations and their ability to explain both 

fundamental physiological measures of binaural sensitivity, such as ITD and ILD curves, and the 
detailed pattern of hits and false-alarms rates in a BMLD task using reproducible noise waveforms. 
One motivation for modeling the 500-Hz BMLD is that performance in this task is predictive of the 
binaural intelligibility level difference (35). Additionally, we had previously determined that 
envelope-related cues, not temporal fine structure, per se, was most important for describing binaural 
detection (24); therefore, combining envelope sensitivity and binaural sensitivity into a single model is 
a critical goal for explaining binaural processing at the level of the midbrain. The results here suggest 
that a minimal model, including only an EE stage with matched CF inputs at 500 Hz, and with 
additional contralateral inhibition, was able to predict several salient features of binaural sensitivity 
and both NoSo and NoSpi detection patterns.

Our approach takes advantage of the modeling structure proposed by Krips & Furst (33) which has 
the benefit of a straightforward implementation, given the availability of peripheral model response in 
the form of the average arrival rates of non-homogeneous Poisson processes. Another benefit of this 
approach is that the model responses are also non-homogeneous Poisson processes, and can therefore 
be used in future studies to directly predict psychophysical thresholds based on model cell responses 
properties.
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ABSTRACT 

The human binaural system can exploit differences between the interaural phase of a noise and a target tone to 

improve detection thresholds. The maximum masking release is obtained for detecting an antiphasic tone 

(Sπ) in diotic noise (N0). It has been shown in several studies that this benefit gradually declines as an 

interaural time difference (ITD) is applied to the N0Sπ complex. This decline has been attributed to the 

reduced interaural coherence of the noise. Here, we report detection thresholds for a 500 Hz tone in masking 

noise with up to 8 ms ITD and bandwidths from 25 to 1000 Hz. When reducing the noise bandwidth from 100 

to 50 and 25 Hz the masking release at 8 ms ITD increases, in part because the narrower bandwidths result in 

a higher coherence length. For bandwidths of 100 to 1000 Hz, however, no significant difference was 

observed, indicating that an auditory filter with a bandwidth <100 Hz is operational and produces identical 

coherence for this group. Thus, our coherence-based model requires an effective auditory filter bandwidth 

<100 Hz, in line with established monaural models but in contrast to delay line-based models for N0Sπ 

detection. 
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ABSTRACT 
This study investigates the unmasking of a horizontally moving tonal source in noise under free-field 
presentation. Thresholds of static and circularly moving 500 Hz sine tones presented in octave-band noise 
from the front were measured with four normal hearing listeners with an adaptive forced choice method. Six 
velocities were tested from 10°/s to 200°/s. Stimuli were of fixed duration, started in the front and moved to 
an azimuthal end position, determined by the overall probe tone duration in relation to their speed. The 
moving sound sources were generated with 17th order Ambisonics and played via 36 horizontally arranged 
loudspeakers in an anechoic chamber. 
Preliminary results suggest that for the six velocities tested, spatial unmasking increased with increasing 
velocity up to 10 dB for 200°/s. However, unmasking remained substantially lower than for static sources, at 
the respective most lateral position reached in the movement trajectory at the end of the overall probe tone 
duration. This is consistent with observations in the literature on binaural sluggishness. Even for a small 
velocity of 50°/s, and therefore relatively slow changes in interaural phase, spatial unmasking decreased by 
4 dB. This velocity is comparable to that of a walking person in 2 meters distance. It seems that in the free 
field, also slow changes in the interaural cues can lead to a decrease in binaural unmasking. This finding is 
important for extending binaural models to more realistic, dynamic listening situations in the free field. 
 
Keywords: Moving Sound Sources, Spatial Unmasking, Binaural Hearing 

1. INTRODUCTION 
In our everyday life, many sound sources are in motion. In many realistic hearing situations, sound 

sources surround us that move with different velocities. Such sound sources are, for example, cars 
driving with relatively high velocity, or also pedestrians walking with a speed of up to 2 m/s. Besides 
the signal of interest, environmental noise sources might be present which can mask the target signal 
and increase detection thresholds. Because we receive two ear signals, phase differences between the 
left and right ear signals can be used to enhance the detection threshold in noisy situations (1, 2, 3). 
This difference in detection threshold is known as Binaural Masking Level Difference (BMLD).  

Motion of a sound source, and therefore continuously changing sound source position, leads to 
time varying changes in the interaural level and interaural phase differences (ILD & IPD) . Changes 
in the interaural cues can influence the BMLD (4, 5). Furthermore, it is known from the literature that 
the auditory system behaves sluggish on fast changes of interaural cues which can result in decreased 
detection thresholds (5, 6). 

Several studies have measured BMLDs for interaural cues changing sinusoidally using stimuli 
presented over headphones (2, 3, 4). However, neither a sinusoidal stimulus variation nor the 
headphones condition represent a natural hearing situation that we deal with in everyday life. 
Normally, we perceive our environment through our own ears. In the free field, subjects listen with 
their individual head related transfer function (HRTF) which represents a more natural hearing 
situation. However, in the free-field, ILDs and IPDs co-vary in their natural fashion, which, to our 
knowledge, has not been considered in former BMLD measurements. Because ILD and IPD cannot 
be investigated separately from each other in a free field experiment, additionally a headphone 
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experiment was carried out with manipulated binaural recordings of the free field stimuli to separate 
ILD and IPD cues. This allows us to examine the individual contribution of interaural level and phase 
differences to binaural unmasking in the free field. 

2. FREE FIELD EXPERIMENT 

2.1 Stimuli 
In this study, a 500 Hz sine tone was used to measure detection threshold in a static octave-band 

noise centered around 500 Hz. The probe tone had an effective duration of 300 milliseconds (ms) and 
additional 30 ms Gaussian shaped rise and fall times. Effective duration was measured after reaching 
67.5% of the signal’s amplitude. This results in an overall probe tone duration of 400 ms.  The noise 
signal, with a duration of 600 ms, was played from a single loudspeaker at 0° in front of the l istener, 
leading approximately to a binaural correlated noise (N0 condition). To validate the binaural 
correlation of the noise signal, it was recorded with an artificial head at the listener ’s position. The 
measured binaural correlation coefficient was therefore 0.98. The level of the noise masker was set to 
60 dB SPL at the listener’s head center.  

The stimuli were presented in a Simulated Open Field Environment (SOFE) (7) in an anechoic 
chamber with 36 horizontally arranged loudspeakers (Dynaudio BM6A mkII, Dynaudio, Skanderborg, 
Denmark) with a 10° spacing. The loudspeakers are mounted on a custom made 4.8 m x 4.8 m squared 
holding frame in a height of 1.4 m. The loudspeaker at 0°, in front of the listener, has a distance of 
2.4 m to the listener’s position. Equalization filters were used for the playback to compensate for the 
loudspeakers’ frequency response and the time-of-arrival difference. 

The moving sine tone was generated with two-dimensional 17th order Ambisonics with mode 
matching decoding, implemented with Matlab (Math Works, Inc, Nantick, US-MA). Positions of the 
motion trajectories and the resulting stimuli were calculated sample wise to ensure the correct phase 
information during the whole signal. Seven different constant sound source velocities were tested: 
0°/s (as a reference, static at 0°), 10°/s, 30°/s, 50°/s, 100°/s, 150°/s and 200°/s. The starting position 
of the probe tone was always 0° in front of the listener and it moved clockwise at constant distance, 
i.e. on an arc. Additionally and for comparison, static stimuli were generated with 17th order 
Ambisonics at the absolute lateral end position of the signal, corresponding to the azimuthal position 
reached with a given velocity at the end of the overall probe tone duration. 

2.2 Subjects 
Until now, four voluntary participants (two male) finished the experiment. Participant’s age ranged 

from 23 to 27 (mean: 25.25, std.: 2.06). All participants had normal hearing thresholds with a hearing 
loss less than 15 dB up to 8 kHz as assessed with a clinical audiometer (Madsen Astera2, GN 
Otometrics A/S, Taastrup, Denmark). All subjects gave written consent and no one was payed for 
participating in the experiment. The study was approved by the ethics committee of the TUM, 65/18S.  

2.3 Experimental procedure 
All participants sat in a completely darkened anechoic chamber in the middle of the loudspeaker 

array. The detection threshold of the sine stimulus in noise was measured with a three-interval three-
alternative-forced-choice method (3I-3AFC) with a three-down/one-up adaptive staircase procedure. 
The noise intervals were played back from a single loudspeaker at 0° with a fixed level of 60 dB SPL 
at the listener’s position. Listeners’ task was to indicate in which of the three noise intervals they 
perceived the sine tone by pressing the corresponding number on a keyboard on their knees. The initial 
level of the probe tone was set to 65 dB SPL. The initial step size was 5 dB, after the first two reversals 
the step size was decreased to 2 dB, after the next two reversals the step size was set to the final step 
size of 1 dB. The last 12 reversals at the final step size were used to calculate the threshold. The next 
randomly selected test condition of sound source velocity or position of the static sound source was 
started after the previous condition was finished, i.e. stimuli of each adaptive track were blocked.  

2.4 Results 
The measured thresholds of the first four subjects for moving as well as for a static sound sources 

is shown in Figure 1. In both conditions, a decrease in the threshold with increasing velocity or 
azimuthal location indicates a spatial unmasking of the sine tone in binaurally correlated noise.  This 
difference compared to the reference condition at 0° is up to 14 dB in the static condition and up to 
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11 dB for moving sound sources for the highest tested velocity of 200°/s  and thus lateral position. 
Even though the preliminary data show a spatial unmasking for both conditions, there is a clear 
difference between thresholds for moving and static sound sources presented in the free field. For 
static sound sources, detection threshold is lower than for moving sound sources especia lly for 
velocities larger than 30°/s. This indicates an effect of sluggishness of the auditory system, which was 
also reported in headphone studies (5, 6). It is noteworthy that even for a relatively small velocity of 
50°/s, which corresponds to a walking speed in a distance of two meters, and therefore relatively slow 
changes in interaural phase difference, difference between static and moving condition is up to 6 dB. 

 

Figure 1 – Medians with upper and lower quartiles of detection thresholds in octave-band noise for a static 

stimulus (black solid line with filled circles) and moving stimulus (red, dash-dotted line with diamonds) at 

the most lateral end position of the trajectory. 

3. HEADPHONE EXPERIMENT 

3.1 Stimuli 
To investigate the contribution of interaural cue differences to the detection threshold in the 

previous free field experiment, we manipulated the stimuli such that either ILD or IPD information of 
the free field condition is preserved dynamically in the stimulus while the other interaural cue is set 
to zero. Therefore, the moving as well as the static sine stimuli from the first experiment were recorded 
with the HMS II.3 artificial head with an anatomically formed pinna according to ITU-T P.57 (HMS 
II, Head acoustics GmbH, Herzogenrath, Germany). The artificial head was placed in the same 
loudspeaker array used in the previous experiment at the listeners’ position. To extract the interaural 
level difference from the recorded binaural signals, the envelope of both ear signals was extracted and 
multiplied with an in-phase sine tone carrier with a frequency of 500 Hz. This stimulus preserves the 
ILD information (only ILD) of the previous free field experiment combined with a diotic carrier tone 
which effectively points to the front. 

To extract the interaural phase difference of the free field stimuli, the binaural record ings were 
divided by the signal’s envelope separately for the left and the right ear signal. This results in a 
stimulus with only the IPD information as in the free field experiment (only IPD), without any 
interaural level difference. The amplitude as well as the onset of the only IPD stimuli was corrected 
to ensure the correct level and identical onset slope. 

The binaural correlated noise masker, presented from 0° in the free field experiment, was also 
recorded with the artificial head and was not manipulated. This signal generation ensures a separation 
of ILD and IPD information but preserves the same interaural information as in the previous 
experiment. 

For the second experiment, only five velocity conditions were used. 10°/s and 150°/s were excluded 
to shorten the experiment since no unusual effects was seen in Exp. 1 for these velocities. 
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3.2 Subjects 
All four subjects from the first were also included in the second experiment. 

3.3 Experimental procedure 
Experimental procedure was the same as in the experiment before except that the binaural ly 

recorded and manipulated stimuli were presented via headphones and participants sat in a sound -
attenuated booth. They again heard three successive noise intervals and had to indicate the interval in 
with they perceived the probe tone. An adaptive three-down/one-up staircase procedure was used and 
the threshold was calculated from the last 12 reversals. Six different conditions were tested: a 
reference condition with non-manipulated binaural recordings containing both interaural cues as in 
the free field, the only ILD and the only IPD condition each for both static and moving sine tone 
stimuli. As in experiment 1, the next test condition of sound source velocity or position of the s tatic 
sound source and binaural condition (binaural recording, only ILD or only IPD) was started after the 
previous condition was finished. 

3.4 Results 
The measured thresholds for the second experiment with manipulated binaural cues as well as for 

the non-manipulated reference binaural recordings are shown in Figure 2. For the non-manipulated 
binaural recordings spatial unmasking is up to 12 dB for static and 10 dB for a moving sound source 
in the 200°/s velocity condition. 

In the only ILD condition, spatial unmasking is substantially lower compared to the non-
manipulated binaural recordings, especially for velocities higher than 50°/s. The results show that for 
the highest velocity condition tested, spatial unmasking is 3 dB for a moving stimulus and 6 dB for 
the corresponding static sound source when only ILD information is preserved in the stimulus.  

The data for the only IPD condition seem to match the thresholds for the non-manipulated binaural 
recordings in most conditions, thus the only ILD condition is not fully additive with the IPD thresholds. 
It seems that detection thresholds of a 500 Hz sine tone in noise presented in the free field are mainly 
driven by the IPD information of the binaural signals. This is in contrast to findings for spatial 
unmasking of speech signals. Previous studies assume that better-ear-listening, mainly caused by the 
ILDs, and binaural unmasking caused by IPDs is fully additive to the overall spatial benefit on a 
speech signal (8, 9). 

 

 
Figure 2 – Median with upper and lower quartiles of the measured threshold in octave-band noise for a 

moving stimulus (left pannel) and static stimulus (right panel) for the binaural recording (black solid lines 

with filled circles), only ILD cues (red dotted lines with squares) and only IPD cues (blue dashed-dotted 

lines with diamonds). All stimuli were generated from binaural recordings of the free field stimuli and 

played back via headphones. 
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4. CONCLUSIONS 
This study investigates the binaural unmasking of moving or static sine tones in noise presented in 

free field. Additionally, this study investigates the contribution of interaural phase and level 
differences to the binaural unmasking. 

Results from this preliminary study show that for a moving sound source, detection threshold is 
increased compared to a static sound source located at the absolute end position of the movement 
trajectory. This is in accordance with findings on the sluggish behavior of the auditory system to fast 
changes in interaural phase differences. Noteworthy is here that even for slow velocities binaural 
unmasking decreases by 6 dB for moving sound sources. 

Results of the second experiment show that binaural unmasking is mainly driven by changes in the 
interaural phase difference. The interaural level difference does not additionally contribute to binaural 
unmasking nor does it hinder it, even though lower detection thresholds were also observed in the 
only ILD condition, indicating spatial unmasking solely based on ILDs. 

These findings suggest that both IPD and ILD information contribute to binaural unmasking in the 
free field but are not fully additive as it is assumed for speech signals. 

This may not be taken into account in current auditory models and is a step in extending such 
models to dynamic scenes presented in the free field. 
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ABSTRACT 
Auditory objects typically involve motion, either because the sound source is in motion, or the listener is. 
Yet, most psychoacoustic research has focused on investigating sound localization for stationary sources. In 
normal hearing (NH) listeners, research utilizing “chimera” signals showed that envelope cues are sufficient 
for robust speech perception, while temporal fine-structure (TFS) cues govern binaural sound lateralization. 
By contrast, listeners who are deaf and use bilateral cochlear implants (BiCI) do not have access to TFS cues 
through clinical processors. Recent work has demonstrated poor auditory motion perception in BiCI listeners 
compared to NH listeners. In this study, we investigate the impact of TFS on auditory motion perception and 
speech understanding by simulating both stationary and moving sounds consisting of chimera-style speech 
and noise stimuli in virtual auditory space. Perceptual measures include speech perception, identifying 
whether a sound is stationary or moving, discriminating the direction of motion and explicitly reporting the 
absolute range of motion. The results of this study provide a baseline for measurements to be conducted with 
BiCI listeners. Knowledge of the cues that are not available with clinical bilateral have the potential to 
provide insight for improved engineering approaches for BiCIs. 
 
Keywords: Auditory Motion, Temporal Fine Structure, localization 

1. INTRODUCTION 
Even though most acoustic signals in our environment are in motion  – either because the sound 

source moves, or we do – most psychoacoustic research investigating parameters of sound perception 
has been done using stationary stimuli.  

Normal-hearing listeners utilize binaural cues to localize sounds in the horizontal plane. These 
include differences in time of arrival and intensity of sounds at the two ears (Wightman and Kistler, 
1992; Blauert, 1997). For stationary sounds, humans show a remarkable sensitivity to changes in 
sound source locations: the minimum audible angle (MAA), the smallest perceivable difference in 
location of two stationary sounds, is ~1  for broadband noise stimuli in the frontal hemifield (Mills, 
1958; Grantham, 1986). This sensitivity decreases sharply with stimulus frequency and location, up 
to about 75  thresholds for locations beyond the frontal 60  (Yost, 1974; Moore, 2012). 

Measuring the sensitivity to changes in moving sounds is comparatively difficult, because 
parameters such as velocity and displacement co-vary with the movement and duration of the stimulus. 
Nonetheless, several studies have aimed at identifying the minimal audible movement angle (MAMA), 
the smallest perceivable angular range a sound has to move for it to be perceived as moving in the 
correct direction. Perrot and Marlborough (1989) used a broadband noise on a speaker moving 20 /s 
and reported MAMA of ~1 , a result that is comparable to the MAA for stationary sounds. Yet, other 
studies have found more variable results, such as MAMA of 2  to 4  for noise bursts moving at 2.8 /s 
(Harris and Sargeant, 1971), and noting that MAMA increased consistently, from about 8  to 60  for 
sound velocities ranging from 90 /s to 360 /s (Perrot and Musicant, 1977). In general, the MAMA 
appears to be about 2 to 3 times larger than the MAA for horizontal stimuli measured under similar 
conditions (for a full review, see Carlile and Leung, 2016).  
 

Individuals who have suffered a profound hearing loss can seek to have auditory input through an 
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implantable prosthetic known as a cochlear implant, which stimulates the auditory nerve via electrodes 
that are inserted into the cochlea. Bilateral cochlear implants (BiCIs) are now provided to a growing 
number of patients, but BiCI users receive degraded acoustic cues compared to NH listeners, and 
struggle to achieve similar levels of performance on spatial localization tasks (van Hoesel and Tyler, 
2003; Schoen et al., 2005; Litovsky et al., 2009; Aronoff et al., 2010; see also Dorman et al., 2016). 
On the MAA task, thresholds for BiCI users range from ~3  to 8  at frontal locations and increase 
sharply to > 45  at peripheral locations (Senn et al., 2005). While the MAMA has not been explicitly 
tested in cochlear implant users, a recent study investigated the effect of sound duration on auditory 
motion perception in both normal hearing (NH) and BiCI listeners (Moua et al., 2019). In that study, 
NH listeners correctly identified stationary and moving sounds, independent of sound duration, as 
long as the angular movement of the sound was 10  or greater. By contrast, BiCI listeners had trouble 
discriminating between stationary and moving sounds, especially when sound durations were shorter 
than 1 second. Moreover, BiCI users were generally biased towards classifying sounds as moving, 
even when they were stationary.  

 
Collectively, these studies suggest that BiCI listeners are disadvantaged compared to NH listeners 

in terms of sound localization and sound motion identification. Given that most natural sounds are not 
stationary, understanding what contributes to such deteriorated auditory motion perception is of great 
interest and importance.  

 
The auditory input received by CI listeners is generally degraded compared to that of NH listeners, 

in both temporal and spatial resolution: a total of eight independent channels are stimulated at the 
same time, each of which amplitude-modulates an electrical pulse train (Rubinstein, 2004). This 
means that the temporal fine-structure (TFS) of the original sound is discarded. In fact, Senn et al. 
(2005) show that none of their participants with BiCIs discriminated between interaural fine structure 
differences, indicating that no TFS information was transmitted via cochlear implants.  Despite not 
having access to acoustic TFS, BiCI users show good speech perception in quiet (e.g. Fishman et al., 
1997; Friesen et al., 2001; Litovsky et al., 2009). This is not surprising, as natural speech is remarkably 
robust to this kind of signal degradation: studies with NH listeners in quiet have shown that only about 
four to eight channels of spectral envelope information are necessary to retain 85% to 100% speech 
perception (Smith et al., 2002).  

While the envelope of a speech signal may be sufficient for speech perception, its temporal fine 
structure has been shown to impact sound source lateralization (e.g. Smith et al., 2002). However, this 
lateralization cue appears to be limited to lower frequencies (< 2.5 kHz; Wightman and Kistler, 1992; 
see also Brungart and Simpson, 2008).  

 
Given that the low frequency TFS of a signal aids in perceptually locating a sound source, we 

explored whether removing low frequency TFS from a moving signal impacts auditory motion 
perception of NH listeners. If so, it would indicate that low frequency TFS of a signal may be one cue 
that influences auditory motion perception. Further, it could potentially explain why BiCI users, who 
do not have access to low frequency TFS, show poor performance when asked to identify components 
of moving sounds (Moua et al., 2019).  

Additionally, we were interested in learning more about how envelope cues affect auditory motion 
perception: Human speech sounds are complex, containing not just frequency modulations, but also 
envelope modulations across time. To understand what parts of speech might influence auditory 
motion perception, we utilized a modified version (see Methods section 2.4) of the Chimeras 
introduced by Smith et al. (2002). This allowed us to create a set of stimuli which tested (1) the 
influence of signal envelope, and (2) the influence of low frequency TFS on auditory motion 
perception.  

2. METHODS 

2.1 Participants 
Nine listeners (8 female) between 19 to 32 years of age participated in this study. All listeners had 

normal hearing assessed audiometrically and were naïve to the study’s experimental design and 
purpose. All experimental procedures followed the regulations set by the National Institutes of Health 
and were approved by the University of Wisconsin’s Human Subject Institutional Review Board. 
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2.2 Psychoacoustic testing 
All testing was done in a sound booth (2.9 m x 2.74 m x 2.44 m; Acoustic Systems, Austin, TX, 

USA) with inner walls covered in acoustic foam (Pinta Acoustics, Minneapolis, MN, USA). 
Participants sat in a chair facing a horizontal array of 37 loudspeakers (Cambridge SoundWorks, North 
Andover, MA, USA; TDT Technologies, Alachua, FL, USA), which covered spatial locations from  
-90  (left) to +90  (right) in 5  steps. Four infrared cameras (OptiTrack, Natural Point Inc., Corvallis, 
OR, USA) were mounted on the ceiling of the sound booth to continuously monitor reflective markers 
attached to a small, custom-built handheld laser pointer, which was used to indicate the location of 
the perceived sound. On each trial, participants pressed a small touch screen (OnLap 1303, GeChic, 
Taichung City 403, Taiwan) to start the trial. Subsequently, a sound (moving or stationary) played at 
a location along the horizontal speaker array. Sounds were moved in virtual auditory space by applying 
vector-based amplitude panning (VBAP) to the stimuli (Pulkki, 1997). The sound was calibrated at 
65 dBA SPL using a sound level meter (System 824, Larson Davis, Depew, NY, USA). Participants 
were instructed to face forward and keep their head still during sound presentation. After stimulus 
offset, participants could move their head. They were instructed to use the pointer to indicate the 
perceived sound location (for stationary sounds), or to trace the sound from its perceived start location 
to its perceived end location (for moving sounds). After indicating the sound location/tracking, the 
frontal touch screen displayed a matrix of all possible words that were part of the stimulus set (see 
below). Participants could either select a word from the matrix or select a button to indicate they did 
not recognize the word. After submitting their answer, a new trial could be started by pressing the 
touch screen. 

2.3 Stimuli and Experimental Design 
Speech tokens were composed of 56 two-syllable spoken word recordings (TVM corpus: Helfer 

and Freyman et al., 2009). The duration of words averaged 508 ms. A total of six stimuli were created 
for each of the words: 1. Original speech (OS); 2. Spectrally-matched noise (SMN); 3. Speech chimera 
(SC); 4. Noise chimera (NC); 5. Filtered speech chimera (SC_f); and 6. Filtered noise chimera (NC_f). 
These six conditions fall into one of three categories: Original stimuli (OS, SMN), Chimera stimuli 
(SC, NC), and filtered Chimera stimuli (SC_f, NC_f). Further, each stimulus condition contains either 
speech (OS, SC, SC_f) or noise (SMN, NC, NC_f) in its envelope. To create chimeras of each word, 
we utilized a modified version of Smith et al.’s (2002) Chimera-generating approach. Briefly, a 
recording of speech and a spectrally-matched noise token were each split into eight frequency bands 
spanning from 80 to 8000 Hz. Subsequently, for each frequency band, the envelope and TFS of both 
input signals were extracted and exchanged, such that the envelope of one signal was convolved with 
the TFS of the other, and vice versa. A summation across frequency bands resulted in two, multiple-
band chimeras. A second set of chimeras was bandpass-filtered between 2.5 kHz and 8 kHz using a 
6th order Butterworth filter to remove low frequency TFS. 

 
Each stimulus condition was tested four times: twice stationary, and each once while it was moving 

horizontally to the left or the right. Sounds moved a 10  angular range. Participants listened to equal 
numbers of stationary/moving sounds, as well as an equal number of the six conditions. All of the 
variables were randomized during testing. 

 
In order to estimate each participant’s threshold for what constituted a stationary vs. a moving 

sound, we tested stationary localization prior to the main experiment.  The stimuli for this testing were 
made from a different set of words, but created in the same way as stimuli for the main experiment. 
As such, the stationary-only testing served to (1) get the participants familiarized with the sound 
stimuli, and (2) test the effect of low frequency TFS on stationary localization.  

2.4 Data Analysis 
Overall, two main components were analyzed for this data set: (1) the impact of low frequency 

TFS on stationary localization and auditory motion perception (2) the impact of the envelope cue 
(Speech/Noise) on auditory motion perception.  

Raw data were summarized across participants and conditions. Analysis for statistical significance 
was done in JMP (SAS), and all analyses were performed across stimulus category (Original, Chimera, 
filtered Chimera) and envelope type (Speech/Noise). We entered participant ID as a random variable, 
unless otherwise stated. A mixed model method was used and, when needed, posthoc analyses were 
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performed with Tukey HSD comparisons.  
All data graphs plot the variable of interest (y-axis) per condition (x-axis). Importantly, data graphs 

are further grouped by their envelope content: conditions that contained speech in their envelope (OS, 
SC, SC_f) are plotted on the left, while conditions with noise in their envelope (SMN, NC, NC_f) are 
plotted on the right. The category that each condition falls into (see above) is indicated by color. 

3. RESULTS 
In this study, we examined how low frequency temporal fine structure and envelope cues impact 

auditory motion perception. To do so, 9 participants listened to six different stimuli (OS, SMN, SC, 
NC, SC_f, NC_f), which were presented both as moving and as stationary. 

3.1  Stationary Sound Localization 
Prior to the main experiment, each participant performed a stationary-only test to reveal their 

stationary localization threshold (see Section 2.3). Individual and group data for RMS localization 
errors are shown in Figure 1A. Category (Original, Chimera, filtered Chimera) is indicated by color. 
Across conditions, RMS errors ranged from 3.16  to 14.81 . We observed a main effect of stimulus 
category (F2,40 = 12.5; p < 0.0001), and posthoc analyses confirmed significantly larger RMS errors 
in conditions with bandpass-filtered Chimera stimuli (mean = 8 ; SEM = 0.8 ) compared to unfiltered 
stimuli (Original: mean = 5.6 , SEM = 0.34 , t = 3.68, p = 0.0019; Chimera: mean = 4.9 , SEM = 
0.4 , t = -4.78, p < 0.001). 

 

s  
 

Figure 1 – Stationary localization RMS errors. (A) RMS errors (y-axis) collected during the 
stationary-only phase across participants (individual markers) along with median (black line) and 

mean (white circle) per condition (x-axis). Mean values per category (legend) are indicated by 
dashed lines. Data are organized by whether a given condition had speech (left , circle) or noise 
(right, cross) in the envelope. (B) same as (A) for correctly identified stationary trials collected 

during the main experiment. 
 

During the main experiment, participants were presented with both moving and stationary 
stimuli, and asked to discriminate between these two categories of motion. When participants 
correctly identified stationary sounds as stationary, RMS error patterns were the same as in the 
stationary-only testing phase (Fig. 1B): RMS errors ranged from 1.1  to 10.42  across conditions. 
We observed a main effect of stimulus category (F2,40 = 20.9; p < 0.0001), and posthoc analyses 
confirmed larger RMS errors in conditions with bandpass-filtered Chimera stimuli (mean = 6.4 ; 
SEM = 0.52 ) compared to unfiltered stimuli (Original: mean = 4.2 , SEM = 0.3 , t = 5.88, p < 
0.0001; Chimera: mean = 4.4 , SEM = 0.28 , t = -5.28, p <0.0001). 

3.2 Auditory Motion Perception  
To evaluate how well participants could distinguish between stationary and moving sounds, d’ was 

used as a sensitivity measure. Figure 2A plots d’ for individuals and group data for each condition. 
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Sensitivity was lower in conditions that had speech in their envelopes (Fig. 2A left; mean = 0.45, SEM 
= 0.07), compared to conditions that had noise in their envelopes (Fig. 2A, right; mean = 0.86, SEM 
= 0.14). Statistical analyses revealed that this sensitivity difference was significant (F1,40 = 11.61, p 
= 0.0015). Further, we found a significant effect of category (F2,40 = 6.75; p = 0.003), and posthoc 
analyses revealed that the sensitivity was significantly lower for filtered stimuli (mean = 0.35, SEM 
= 0.08), compared to unfiltered Chimera stimuli (mean = 0.76, SEM = 0.143; t = 2.74, p = 0.024), or 
Original stimuli (mean = 0.87, SEM = 0.18; t = -3.49, p = 0.0034). We also found a significant 
interaction between category and envelope type (F2,40 = 4.44, p = 0.018).  

 
 

 
Figure 2 – Sensitivity and Bias estimates. (A) Sensitivity (y-axis) across participants (individual 

markers) along with median (black line) and mean (white circle) per condition (x-axis). Mean values 
per category (legend) are indicated by dashed lines. Data are organized by whether a given condition 

had speech (left, circle) or noise (right, cross) in the envelope.  Better sensitivity is indicated by 
larger values (higher d’). (B) Same as (A) but for Bias estimates. Additionally, violin plots add 

probability density function of the data distribution. Larger vs. smaller values indicate bias towards 
classifying sounds as moving vs. stationary, respectively. 

 
The difference in sensitivity across envelope types and category led us to evaluate whether 

participants showed a bias towards perceiving certain stimuli as stationary or moving.  Figure 2B plots 
the bias for individuals and group data for each condition. Overall, bias values were lower in 
conditions that had speech in their envelopes (mean = 0.02, SEM = 0.17), compared to conditions 
which had noise in their envelopes (mean = 0.81, SEM = 0.12). Statistical analyses revealed that this 
difference was significant (F1,40 = 50.42, p < 0.0001). We did not find a main effect of category, but 
report a significant interaction between stimulus category and envelope type (F2,40 = 5.06, p = 0.0109). 

 
Overall, participants correctly identified the motion of sounds (stationary vs. moving) 62.4% of 

the time. Figure 3 plots the individual and group data as mean percent (  SEM) for correctly 
identifying stationary sounds (Fig. 3A) or moving sounds (Fig. 3B), and the absolute angle that 
participants tracked for moving sounds (Fig. 3C). Overall, participants more often identified 
stationary trials as stationary in conditions that had speech in the envelope (Fig. 3A, left; mean = 
56.7%, SEM = 5.7%), compared to conditions with noise in the envelope (Fig. 3A, right; mean = 
38.3%, SEM = 4.8%). Statistical analyses confirmed that this difference was significant (F1,40 = 26.7, 
p < 0.0001).  

 
For trials with moving sound, the opposite pattern was observed: participants more often correctly 

identified moving trials as moving in conditions with noise in their envelope (Fig. 3B, right; mean = 
85%, SEM = 3.13%), compared to speech in the envelope (Fig. 3A, left; mean = 57%, SEM = 5.19%). 
This difference was statistically significant (F1,40 = 48.7, p < 0.0001), and there was a significant 
interaction between the stimulus category and envelope type (F2,40 = 5.76, p = 0.0063). Further, 
participants also correctly identified the direction of motion (left/right) significantly more often in 
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conditions that had noise in the envelope (Fig. 3B right, transparent; mean = 72.3%, SEM = 3.57%), 
compared to those with speech in the envelope (Fig. 3B left, transparent; mean = 38.3%, SEM = 3.5%; 
F1,40 = 92.6, p < 0.0001). Here, too, the interaction between the stimulus category and envelope type 
was significant (F2,40 = 11.5, p < 0.0001). 

 

 
Figure 3 – Percent correct for different measures of auditory motion perception. (A) Mean 

percent correct (  SEM, y-axis) per condition (x-axis) across participants (individual markers) for 
identifying stationary trials as stationary. (B) Mean percent correct (  SEM, y-axis) per condition 

(x-axis) across participants (individual markers) for identifying moving trials as moving. 
Additionally, transparent data bars indicate how often participants correctly identified the direction 

of motion. (C) Mean absolute angle tracking (  SEM, y-axis) per condition (x-axis) across 
participants (individual markers) for sounds that moved 10  (dashed line).  

 
 

How well could participants track the absolute angle that the sound moved? All moving sounds 
had an angular range of 10 , and when stimuli had speech in the envelope, participants tracked the 
angle of the moving sound significantly more accurately (mean = 9.33 , SEM = 0.75 ) compared to 
when there was noise in the envelope (mean = 11.55 , SEM = 0.66 ; F1,37 = 17.3, p = 0.0002). There 
was no effect of category. 

4. DISCUSSION 
In everyday life we are constantly surrounded by moving sounds. Yet, the cues that may help us 

identify, locate, and evaluate the direction of moving sounds are not well understood. In this study, 
we aimed to understand how auditory motion perception is influenced by (1) low frequency temporal 
fine structure of a signal, and (2) envelope cues.  

 
Overall, the low frequency TFS affected both stationary localization and the ability to distinguish 

between stationary and moving sounds. All participants performed well when localizing stationary 
sounds (Fig. 1). Importantly, when we removed low frequency TFS from the stimulus (SC_f, NC_f) 
sound localization accuracy degraded (Fig. 1, Chimera (filtered)). This result indicates that low 
frequency TFS impacts precise sound source localization, and confirms that our manipulation of 
bandpass-filtering the chimera stimulus was effective. Further, this finding is generally in line with 
previous research showing that sound source lateralization depends on temporal alignment of signal 
TFS, but not so much on envelope (Smith et al., 2002).  

We further evaluated participants’ abilities to distinguish between stationary and moving sounds. 
Sensitivity scores (Fig. 2A) were degraded when stimuli did not contain low frequency TFS. Recently, 
Moua et al. (2019) tested auditory motion perception for simulated stationary and moving sounds in 
both NH and BiCI listeners. Their results showed that BiCI listeners had more difficulty 
discriminating between stationary and moving sounds compared to NH listeners. In that study, NH 
listeners’ access to low frequency acoustic TFS may have contributed to better performance compared 
to that of BiCI listeners. CI speech processors discard low frequency TFS which means that binaural 
TFS cues are also absent (for review see Kan and Litovsky, 2015). Our results show that removing 
access to low frequency TFS impacts the ability to discriminate between stationary and moving sounds 
in NH listeners. As such, BiCI listeners may benefit from low frequency TFS cues to more accurately 
localize stationary sounds, and to be able to improve their discrimination of stationary and moving 
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sounds. 
 
The present study also showed that envelope cues strongly influence auditory motion perception. 

When participants listened to stimuli with speech in the envelopes, their ability to discriminate 
between stationary and moving sounds was significantly worse than when stimuli had noise in their 
envelopes (Fig. 2A). In fact, the significant interaction between stimulus category and envelope type  
shows that, as stimuli envelopes change from containing speech to containing noise, discriminability 
increased; in the case of original stimuli (OS, SMN) the increase was more than twofold on average. 
This finding suggests that moving sound stimuli with a flat noise envelope are easier to classify 
correctly. This interpretation is corroborated by the finding that stimuli with noise envelopes were 
generally perceived as moving, compared to stimuli with speech envelopes (Fig. 2B).  

It was not just the correct identification of motion that was impacted by envelope type, but also 
the correct motion direction: stimuli with noise in their envelope showed better direction 
discrimination, which suggests that the noise envelope aids in receiving a clearer percept of the 
moving sound altogether. In fact, for both stationary (Fig. 3A) and moving sounds (Fig. 3B), stimuli 
that had a speech envelope reached about only 57% correct identification performance, indicating that 
this envelope cue makes it generally difficult to distinguish motion (cf. Fig. 2A).  

 
Overall motion sensitivity scores were low (mean = 0.66, SEM = 0.08), indicating that 10  

movement was difficult to distinguish from a non-moving sound. Future work can address this issue 
with an easier task, using sounds that move in larger increments. 

 
Measurements of sound motion detection and direction give a good indication of auditory motion 

perception, however, we were also interested in learning about whether participants can accurately 
trace the distances that sounds moved. In this study, participants were able to track the angular motion 
well (Fig. 3C), and estimates were more accurate when stimuli had a speech envelope. These angular 
distance estimates stem from trials on which participants correctly identified a moving sound as 
moving, and only ~ 38% of trials with a speech envelope fulfilled that requirement. By contrast, an 
average of 72% of trials with noise envelope contributed to the estimate for angular distance tracked. 
 

These results outline important factors in auditory motion perception. Specifically, learning that 
motion perception is degraded for stimuli with speech envelopes aids in designing future experiments that 
evaluate motion and speech perception. It is important to understand the cues that underlie auditory motion 
perception, not just for NH listeners, but also for listeners with hearing impairments. Research in NH 
listeners has shown that discriminating sound motion is highly dependent on the frequency content, 
stimulus duration, and movement velocity (for a full review see Carli le and Leung, 2016). The current 
results show that sound envelope may be another important factor impacting sound motion perception. 
This is an important finding because some stimulus features (such as envelope) can be confidently 
represented by CIs, and perceived by BiCI users, whereas other features (such as TFS) are not 
represented by CIs with fidelity. This further underscores the importance of TFS for auditory motion 
perception; here we have shown that low frequency TFS impacts the discriminability of stationary 
and moving sounds. The ability to discriminate between stationary and moving sounds is essential, 
especially in everyday life, where moving sounds can indicate fast approaching danger. 

5. CONCLUSIONS 
In this experiment, we evaluated whether low frequency TFS or signal envelopes impact auditory 

motion perception. Our results show that low frequency TFS degrades stationary localization, and the 
ability to distinguish between stationary and moving sounds. We further find that envelope cues 
strongly influence auditory motion perception. Specifically, a speech envelope makes it more difficult 
to distinguish stationary from moving sounds, and biases the listener towards categorizing a sound as 
stationary. By contrast, a noise envelope biases a listener towards categorizing sounds as moving.  
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Abstract
Protecting the auditory system from dangerous sound pressure levels is essential for many professionals and
people in daily life. Wearing hearing protections devices (HPDs) or tactical communication and protection
systems (TCAPS) modifies the geometry of the auricle. The user cannot adapt instantaneously to the modified
HRTF, leading to a less accurate sound source localization. Listening test showed that front-back confusions are
the major error type. Three different models of TCAPS were analysed to gain information about their influence
on sound source localization capabilities and on the modifications in the listener’s HRTF. HRTF measurements
on different dummy heads were done during four scenarios: dummy head without TCAPS, dummy head wearing
two different in-ear TCAPS (earplugs) and one on-ear TCAPS (earmuffs). Sound source localization tests were
conducted with subjects under the same four scenarios. Based on those results concepts for prototype of new
generation TCAPS are presented.
Keywords: hearing protection, sound source localization, HRTF, front-back confusion, TCAPS

1 INTRODUCTION
Sound source localization is performed by the brain and the auditory system and helps humans in daily life
to orientate them and to analyze their environment. With the natural hearing sound source localization is a
quite simple task, which is performed by the brain with high accuracy. It allows separating the individual
sound sources in a multi-source scene and recognizing dangers. Beside the interaural time difference (ITD)
and the interaural level difference (ILD), the individual Head-Related Transfer Function (HRTF) contributes in
identifying sound sources [1]. The HRTF filters the incoming sound depending on the angle of incidence and
introduces spectral cues, containing directional information. The HRTF is defined by the individual geometry
of the listener’s anatomy (torso, head, and auricle). The listener’s brain is well trained to his own HRTF and
hence sound source localization is performed with high accuracy [2].
In certain situations it is necessary to wear hearing protection to prevent hearing disorders. Either hearing
protection devices (HPDs) or tactical communication and protection systems (TCAPS) can be used, but in-
dependently of the model, they all change the geometry of the auricle. This change in geometry leads to
instantaneous changes in the HRTF and in the spectral cues. The listener cannot adapt instantaneously to the
modified HRTF. This results in a less accurate sound source localization. Listening test showed that indepen-
dently of the type of TCAPS the accuracy of sound localization decreases significantly and front-back confusion
is the major error type [3][4][5][6][7]. The loss of localization accuracy with hearing protection is reported by
many authors, but only few provide solutions to preserve the localization performances. Joubaud [9] and Rubak
and Johansen [8] propose to integrate an auricle like geometry on the outside of an earmuff shelf, such that
directional information is introduced to the sound that is captured by the TCAPS’s outside microphone.
Also hearing aids have to deal with the issue of modified directional cues and the degradation of the accuracy
of sound localization by the user. It is reported by Biggins [10] and Bishop [11] that with reduced geometry
of the hearing aid’s earplug improved sound source localization is obtained. The performance obtained with in-
the-ear (ITE) hearing aids was quite poor and with in-the-canal (ITC) devices it was already acceptable. With
complete-in-the-canal (CTC) hearing aids the performance was nearly as good as with a healthy natural hearing.
Four different TCAPS are used in the presented work to identify their influence on the sound localization per-
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formance and on the HRTF. Protection P1 (BANG by ISL) and protection P3 (QuietPro by Nacre) are earplug-
based talk through TCAPS with dynamic talk through gain. Protection P2 (Z111 by Z-Tac) is a talk through
earmuff TCAPS with dynamic talk through gain and protection P4 (X5A by 3M) is a passive earmuff hearing
protection. These TCAPS are used for the localization tests with human subjects and the HRTF measurements
on dummy heads. The HRTFs are measured with three different dummy head configurations: DH1 (ISL dummy
head with Type 3.4 ear simulators), DH2 (ISL dummy head with Type 3.3 ear simulators) and DH3 (B&K Head
and Torso simulator with Type 3.3 ear simulators).

2 METHODS
2.1 Localization test
The localization test is intended to be conducted with subjects having a normal hearing. The hearing perfor-
mance of the subjects is obtained by measuring the left and right ear audiogram, with the help of a Bekesy
test. The tested frequencies range from 125 Hz to 8 kHz in steps of octaves.
The listening test is performed in a listening room, which is optimized for speech listening test. The RT60
reverberation time of the listening room is 290 ms. The subject takes place on a seat at the listening positions.
A circular loudspeaker array of 16 equally spaced JBL Control 1 Pro speakers surrounds the listening positions.
The loudspeakers are located at φSP = 0◦,22.5◦,45◦, ...,337.5◦. If not otherwise stated, the reference coordinate
system is a right hand coordinate system with its origin at the center of the circular array. The angle direction
φ = 0◦ is directly in front of the listener. The diameter of the array is 2.20 m. The seat is adjustable in height,
such that the interaural axis of the subject aligns the speaker’s plane. A curtain is mounted in front of the
speakers, such that the subject can’t see the speaker’s location.
Two groups are defined: the test group and the control group. The subjects are randomly attributed to those
groups. Members of the test group complete a training and before they perform the actual test, those of the test
group perform directly the actual test. The subjects have to steer a cursor on a tablet computer in the direction
where he located the presented test sound and confirm his answer. The localization test is designed as unforced
choice test, thus the cursor can be positioned to point in any direction. The test sound consists of 200 ms of
white noise. Only real sound sources are tested. The sound level at the listening position is 72 dB SPL ± 3 dB.
For each test sound the sound level is chosen randomly within the limits of this interval. Each of the sound
source directions is presented twice during training and five times during testing. The order of presenting the
32 resp. 80 directions is chosen randomly. During training the subject gets a visual feedback on the tablet
computer of the actual direction after having confirmed his answer.
Each subject has to perform the localization test under multiple hearing conditions (HC). The first hearing
condition is always the natural hearing (HC0), followed by a random order of HC1 (hearing condition with
protection P1), HC2 (hearing condition with protection P2), HC3 (hearing condition with protection P3) and
HC4 (hearing condition with protection P4). Prior to the localization test each subject gets 60 s to familiarize
with the test. They can freely set the direction of a music sound source by pointing the cursor on the table in
the desired direction.
The data which is collected for each tested sound is called data set. It includes the gain factor of the SPL
modulation, the true sound direction φt , the subject’s response φu and the response time tr. The metadata
contains information about the subject, including the group, the gender, the year of birth, the handedness and
the hearing condition.

2.2 Metrics for localization test
Based on the error ε , defined in equation 1, nine metrics for the evaluation of the localization test are defined:

ε = Φu−Φt

{
+360 Φu−Φt <−180
−360 Φu−Φt > 180

(1)
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M1: Standard deviation error
sde = std (ε) (2)

M2: Root mean square error

err =

√
1
N
·

N

∑
i=1

ε(i)2 (3)

M3: Accuracy

accu = mean
(

abs
((

Φu

22.5
mod 1

)
−0.5

)
·2
)

(4)

M4: Front-Back Confusion Rate The Front-Back confusion rate is defined as the ration of the number of
samples where the subject’s response and the true direction are front-back inverted to the number of overall
tested samples.

M5: Left-Right Confusion Rate The Left-Right confusion rate is defined as the ration of the number of
samples where the subject’s response and the true direction are left-right inverted to the number of overall
tested samples.

M6: Mixed Confusion Rate The Mixed confusion rate is defined as the ration of the number of samples
where a front-back and left-right confusion appear to the number of overall tested samples.

M7: Left-Right Drift

n+ = count (ε > 0) |Φt ∈ [0,90[∪ ]270,360]

n− = count (ε < 0) |Φt ∈ [90,270[
n = count(Φu)|Φt ∈Φs \{90,270}

dLR =
n++n−

n

(5)

M8: Front-Back Drift

n+ = count (ε > 0) |Φt ∈ ]180,360[

n− = count (ε < 0) |Φt ∈ ]0,180[
n = count(Φu)|Φt ∈Φs \{0,180}

dFB =
n++n−

n

(6)

M9: Frontal-Median Drift

n+ = count (ε > 0) |Φt ∈ [0,90[∪ ]180,270]

n− = count (ε < 0) |Φt ∈ [90,180[∪ ]270,360]
n = count(Φu)|Φt ∈Φs \{0,90,180,270}

dFM =
n++n−

n

(7)

5809



2.3 HRTF Measurement
The HRTF Measurements are performed in an anechoic chamber of a volume of 42.34 m3 and RT60 reverber-
ation time of 240 ms. During the HRTF measurement the current dummy head is mounted on a turn tabled.
The position of the turn table can be controlled electronically and the HRTF is measured at an elevation angle
θ = 0◦ and azimuth angles φ = 0◦,22.5◦,45◦, ...,337.5◦. A sine sweep signal ranging from 20 Hz to 20 kHz
is used for the HRTF measurement, generated by Standford Research Signal Analyzer SR780. The signal is
passed through a power amplifier DaytonAudio MA1260 and played back via a JBL Control 1 Pro loudspeaker.
The speaker is distanced by 3 m from the center of the dummy head. The signals of the dummy head’s left
and right microphone are preamplified by B&K Type 5935L and passed to the signal Analyzer. The signal
analyzer evaluates the transfer function HRTFRAW

L(f, φ ), resp. HRTFRAW
R(f, φ ) at 1600 frequency points. The

free field transfer functions HRTFFF
L(f, φ ) and HRTFFF

R(f, φ ) are obtained by dividing HRTFRAW
L(f, φ ), resp.

HRTFRAW
R(f, φ ) by the transfer function of the measurement system. This transfer function is obtained by re-

placing the dummy head and turntable by a reference microphone, while preserving the remaining measurement
setup and measuring the transfer function of the system.
The dummy heads are equipped with matched microphones and their geometries are perfectly symmetric along
the median plane, hence it can be assumed that the HRTFs, and consequently HRTFFF

L(f, φ ) and HRTFFF
r(f, φ ),

are perfectly symmetric along the median plane. Accordingly to Jauboud [9] the front-back difference, average
for each quadrant are calculated for the ipsi and contralateral side. This representation will be referred to as
Ipsi- & Contralateral Front-Back (ICFB) representation. ICFB contains two functions: one for the ipsilateral
side and one of the contralateral side. Each of them is based on the difference between the frontal quadrant
HRTF and back quadrant HRTF.

The root mean square (RMS) distance is used to evaluate measured HRTFs. The RMS distance RMSξ

i,i+1 be-

tween two ICFB curves (ICFB( f )ξ

i and ICFB( f )ξ

i+1) can be calculated for the ipsilateral (ξ = I), resp. con-

tralateral (ξ = C) side, as shown in equation 8. δ
ξ

i,i+1 is the distance between the i-th and i+1-th ICFB curve.

RMSξ

i,i+1 =

√√√√ 1
N

N

∑
f=1

δ 2
i,i+1( f ) (8)

The RMS distance is calculated for the HC0 hearing conditions between the different dummy head configura-
tions. Further, for each dummy head configuration the RMS distance between the HC0 hearing condition and
the hearing conditions HC1 to HC4 is calculated.

3 RESULTS
Note: Due to the number of subjects which has participated so far, the results of the listening test have to be
considered as preliminary.

3.1 Listening test
5 subjects (3 male, 2 female) have completed the listening test. The average of their age is 30.6, their age
spanned the interval from 20 years to 57 years. 3 subjects were left handed, while 2 were left handed. The
Bekesy audiograms showed normal hearing characteristics for all subjects. The average answer time of all
subjects was 261 ms. The results of the Standard deviation error (M1), the RMS error (M2), the accuracy (M3),
the front-back (M4), left-right (M5), and mixed (M6) confusion rate and the response time tr are listed in Table
1. The data is shown respectively for the test group and control groups and each hearing condition. The metrics
of the left-right drift (M7), front-back drift (M8) and median-frontal drift (M9) are listed in Table 2 with respect
to the handedness of the subjects and the hearing condition, regardless of the subject’s group.
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Table 1. Metrics as defined in section 2.2 and minimum, average, and maximum answer time tr
HC0 HC1 HC2 HC3 HC4

Metric Unit TG CG TG CG TG CG TG CG TG CG
M1 deg 21.72 45.24 33.78 61.71 61.44 62.88 53.63 58.86 60.88 59.80
M2 deg 21.89 45.27 33.71 61.59 62.47 62.83 53.52 58.79 60.76 59.68
M3 – 0.61 0.57 0.60 0.54 0.62 0.57 0.64 0.59 0.60 0.56
M4 – 0.06 0.18 0.10 0.31 0.47 0.41 0.26 0.36 0.42 0.29
M5 – 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.00 0.01 0.01
M6 – 0.00 0.00 0.00 0.00 0.01 0.00 0.00 0.00 0.00 0.02

min(tr) s 1.28 0.78 1.11 0.62 1.03 0.73 1.00 0.81 1.03 0.80
avg(tr) s 3.40 2.92 2.61 2.09 2.82 2.40 2.45 2.26 2.82 2.40
max(tr) s 6.47 10.94 12.89 5.89 6.75 7.34 5.23 6.67 8.44 12.23

Table 2. Drift metrics M7 (left-right), M8 (font-back) and M9 (frontal-median) of the left (LH) and right handed
(RH) subjects for hearing condition HC0 to HC4.

HC0 HC1 HC2 HC3 HC4
Drift LH RH LH RH LH RH LH RH LH RH
M7 0.56 0.53 0.56 0.54 0.56 0.56 0.61 0.54 0.46 0.57
M8 0.79 0.53 0.7 0.48 0.74 0.50 0.70 0.47 0.71 0.48
M9 0.60 0.75 0.68 0.76 0.69 0.90 0.72 0.82 0.67 0.86

3.2 HRTF Measurement
The upper part of Table 3 shows the RMS distance of the ICFB curves obtained with the dummy head con-
figurations DH1, DH2, DH3 during hearing condition HC0. Lower part of the table shows the RMS distance
between different hearing conditions of the same dummy head configuration. The columns represent the dummy
head configurations in the HC0 hearing conditions.

Table 3. RMS distances between the ipsilateral and contralateral ICFB curves for different dummy head config-
urations.

ipsi contra
DH1 DH2 DH3 DH1 DH2 DH3

DH1 – – – – – –
DH2 3.94 – – 3.95 – –
DH3 3.47 2.08 – 2.41 2.33 –

HC0 HC0
HC1 – 2.98 2.63 – 2.39 3.58
HC2 – 4.93 4.51 – 3.57 7.66
HC3 1.93 3.38 3.57 3.73 2.72 2.54
HC4 – 4.56 4.83 – 5.66 3.03
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4 DISCUSSION
4.1 Localization test
By its definition in equation 2 the standard deviation error can be interpreted as the precision of a subject.
From Table 1 it can be obtained that the standard deviation error and the RMS error are in average linear
dependent with a factor of 0.9987. For the hearing condition HC0 and HC1 an improvement of the precision
can be obtained by passing the training. The subjects of the test group localize the sound directions nearly
twice precise as those who haven’t performed the training. This does not hold for hearing condition HC2 to
HC4. There no particular improvement or degradation of the precision can be obtained.
Regardless of the hearing condition the accuracy gets improved by a least 0.04 when the subjects have com-
pleted the training. A learning process can be therefore obtained, which is due to the visual feedback the
subjects get during training. They get adapted to the direction of the sound sources and get trained to point
more frequently to the direction where they remember the true sound positions. Their responses are closer to a
loudspeaker position, than the responses of those subject without training.
The highest front-back confusion rates is obtained with HC2 which has an asymmetric distribution of micro-
phones. Its microphone on each side is oriented towards the front. The least front-back confusion rates is
obtained with the natural hearing (HC0). There appear no modifications in the HRTF and the subjects are best
trained to this hearing condition. Regarding the front-back confusion rate two trends can be obtained: With
HC0, HC1, and HC3 less front-back confusions are obtained for the test group than for the control group. With
HC2 and HC4 more front-back confusions are obtained for the test group than for the control group. P2 and
P4 are earmuffs covering the entire outer ear in contrast to the in-ear devices P1 and P3 which don’t. Reducing
the size of the earplug and avoiding earmuff designs help to decrease the front-back confusion. This effect was
also obtained by Zimpfer [5] and Biggins [10].
Mixed confusion rates and left-right confusion rates are nonzero in four hearing conditions. The nonzero values
reach a maximum of 0.02. Hence these hearing protections do not have any remarkable effect on this type of
localization error.
The average response time is the highest for the test group with hearing condition HC0. The reduced average
response time in the hearing conditions HC1 to HC4 might be due to adaption process, but also due to the
subject’s motivation. HC0 is the first round in the test, where the subjects might be highly motivated to achieve
good localization results. After having passed in the HC0 hearing conditions, the test does not provide new
motivation to the subject, consequently the subjects accelerate.
The results in Table 2 show that there is no particular drift to the left resp. right side as a function of the
subject’s handedness. For left and right handed subjects the M7 metric (left-right drift) varies between 0.46
and 0.61 without a link between the drift direction and the handedness of the subject. Same holds for the
M8 metric (front-back drift). For the M9 metric (frontal-median drift) a trend towards the median plane (values
greater than 0.5) can be observed for all hearing conditions. Sound sources are perceived more frequent towards
0◦ and 180◦, than towards 90◦ and 270◦. As this trend can be also observed for the hearing condition HC0,
this effect is not only due to the hearing protection, but also to the concept of the localization test.

4.2 HRTF measurement
The RMS distances of the ICFB curves, obtained with the different dummy head configurations with hearing
condition HC0, define the range of tolerance. HRTF whose RMS distances values lie within this interval are
considered not to be modified seriously. The interval of tolerance range to 3.94. Applying this interval to the
lower part of Table 3, it can be obtained that the HRTFs measured with P2 and P4 show important modifi-
cations. This holds for all of the measured ipsilateral HRTFs and dummy head configurations. P2 and P4 are
earmuff based HPDs introducing high HRTF modifications. P1 and P3 which are in-ear devices introduce HRTF
modifications which lie in the tolerance interval. Hence the smaller the geometries of the hearing protection is
and the less it covers the geometry of the helix, the less HRTF modifications are caused.
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5 CONCLUSIONS
A localization test was conducted with subjects under five hearing conditions. The subjects had to perform the
localization with their natural hearing and with four different models of TCAPS. HRTF measurements were
performed on different types of dummy heads in an anechoic chamber. The HRTF measurements were done
with the same hearing conditions which were used for the localization test. The degradation of the HRTF
introduced by TCAPS was presented and discussed. The performance of the subjects during the localization
test was discussed and compared to the obtained HRTF degradation. It was obtained that a training can help to
improve the sound localization and reduce the front-back confusion for certain TCAPS.
The design of the new TCAPS either have to consist of a small dimensions of the in-ear earplugs to avoid
any major modifications of the geometry of the helix. Or, in the case of earmuff devices, they have to be
equipped with additional signal processing elements, e.g. microphones and filters to reconstruct the original
directional information and to prevent any HRTF modifications. The design of signal processing chains mounted
on earmuffs based TCAPS is the task of current studies and this work will be presented in the future.
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role of temporal integration and masking 
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2 A.N. Severtsov Institute of Ecology and Evolution, Russia 

ABSTRACT 
A pulse train containing 12 pulses with inter-pulse intervals of 20 to 110 ms was considered a model of the 
test and masking phonemes. The first or last pulse of the train varied in level; they were considered tests to 
measure the threshold difference between the test pulse alone and the same pulse in the train (dIso) and the 
minimum inter-pulse interval (Tmin) for the test pulse detection. The lowest Tmin and dIso were found in 
normal-hearing listeners. Higher dIso were found in listeners with prolonged temporal integration of periodic 
sounds independently of hearing sensitivity. Increased dIso (up to approximately 20 dB) were observed at 
Tmin despite of the test pulse position in the pulse train. The detection properties of the first and last pulses 
were supposed to be closely related to the well-known effects of partial masking of loudness and forward 
masking. Thus, within-train pulses affected the detectability of the first and last pulses. It is suggested that 
this effect is one of causes of changes in phonemes loudness and the speech intelligibility reduction. 
 
Keywords: partial masking, forward masking, single pulse, pulse train, phonemes loudness, speech 
intelligibility 
 

1. INTRODUCTION 
The increasing of speech rate may result in reduction of speech intelligibility. This effect can be 

related with auditory temporal processing, but not with auditory sensitivity (1,2).  
A speech can be considered a sequence of phonemes. It has been supposed (3) that an increase of 

the speech rate reduces the understanding of phonemes in a stream of other phonemes, and impairment 
of temporal discrimination of phonemes loudness can be a reason of the reduction speech 
intelligibility. 

The consonant phonemes play a general role in speech intelligibility. The most of them have the 
frequency range from 1 to 5 kHz, short duration (10-70 ms) and rather low intensity. A speaker can 
pronounce 9-14 phonemes per second in normal speech rate which corresponds to phoneme period of 
110-70 ms. 

The high frequency pulse can be used as a model of consonant and the pulse train as a model of a 
sequence of consonants (1,2). Estimate of loudness detection of a single pulse in a pulse train with may 
help to understand the role of consonants loudness in intelligibility of the fast speech. For this purpose, 
we investigated conditions where loudness is a cue for detection of a single pulse in a train. We 
estimated the dependence of loudness detection of the first and last pulses on the inter-pulse interval in 
the train. We looked at indicators that could be characteristics of the auditory temporal processing of 
sounds; including speech. The loudness of the sound signal is related to auditory temporal integration 
process. Because of this the indicators were matched with temporal integration properties for tones and 
pulse train as well as with detection threshold of single pulse.   

We expected that changes in the loudness of the first and last pulses would be associated with the 
known effects of both partial masking of loudness (4) and forward masking (5). 
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2. PSYCHOACOUSTIC MEASUREMENT 

2.1 Methods 
The psychoacoustical experiments were carried out in a sound attenuating booth. The 

hardware-software complex was used for generation sounds, experimental control and collection data. 
One probe contained two sounds (reference and target) with 500 ms pause. The sounds were 

generated digitally online and played back in random order. The probes were digital/analog converted 
using E-MU 0204 USB with sampling rate 44.1 kHz. The analog signals were played monaurally 
through HD-265 headphones (Sennheiser, Wedemark, Germany). 

The temporal profiles of all pulses were identical. The central frequency of the pulses was 4 kHz 
and bandwidth was 240 Hz (less than the critical band). The reference stimuli contained 11 identical 
pulses. The target stimuli contained 11 reference pulses plus one test pulse. All listeners couldn’t 
discriminate the durations of reference and target stimuli containing 11 or more pulses. Thus, only the 
pulse loudness could be a cue for detection of the test pulse. 

The two experimental paradigms were used: with the test pulse was either before or after pulse train 
(Fig. 1). 

 

 
Figure 1. – Temporal diagrams with the test pulse before the pulse train (left) and after the pulse train (right). 

Im - amplitude of the train pulses, Is – amplitude of test pulse 
 

The level of pulses in the train was 80 dB SPL. The level of the test pulses varied. The inter-pulse 
interval T in the pulse train varied from 20 to 110 ms.  

The method of constant stimuli was used to obtain the psychophysical curves or the dependence of 
correct detection of test pulse on its intensity. Each level of the test pulse was presented 10 times, the 
levels alternating randomly. The level of the test pulse that provided a probability of 75% correct 
detection was assessed the threshold. We measured two parameters: the minimal inter-pulse interval 
(Tmin) in which the listeners detected the test pulse, and the difference (dIso) between the test pulse 
detection threshold and detection threshold of single pulse (dIso=MinIs-Min0Is, where Min0Is – the 
detection threshold of single pulse, MinIs – the detection threshold of the test pulse in pulse train). 

We assumed that the indicator Tmin can characterize the temporal resolution of test pulse loudness 
in the train; the indicator dIso – changes in the loudness of the test pulses when inter-pulse interval T 
was near Tmin. 

The indicators Tmin and dIso were compared with the temporal integration of tones and a sequence 
of pulses, as well as with the detection threshold of single pulses.  A two-alternative forced-choice 
procedure combined with adaptive “two-down, one-up” stimuli trial-by-trial variation was used for 
determining the detection thresholds of single pulses, tones and pulse trains. 

The difference between detection thresholds for tones of the some duration and tone with duration 
of 240 ms was used as indicators of temporal integration for tones (I_t). The tone duration was varied 
from 15 ms to 240 ms. 

The difference between the detection thresholds for the single pulse and the pulse trains was used as 
indicators of train temporal integration for periodic sounds (I_ps). The inter-pulse interval in the train 
was 20, 30, 50, or 80 ms, therefore the train duration with 11 pulses was 200, 300, 500, or 800 ms. 

2.2 Listeners 
Four listeners with normal hearing (L1, L5, L6, L7) and one listener with aging-related hearing loss 

(L2) participated in the study. The information about listeners (age, gender, experience in 
psychophysical experiments, and the detection threshold of single test pulse) is presented in table 1. 
The results of L1, L6, L7 were averaged and denoted as typical listener (Lt), L5 was denoted as 
untypical. 
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Table 1 – information about listeners 
 

Listener Age  Gender Threshold experience; *- amateur musician 

L1 35 M 17 dB >60 hour * 

L5 35 M 16 dB Without experience * 

L6 25 F 10 dB >20 hour 

L7 35 M 15 dB <20 hour * 

L2 65 F 26 dB >60 hour 

2.3 Results 
Psychophysical curves which are dependences of test pulse detection on relation between levels of 

test pulse, Is, and intensity of pulse train, Im, are presented in Fig. 2. 
 

a      b 

 
Figure 2. – Dependent of correct detection of test pulse on ratio of the test pulse level to pulse train level. (a) 

test pulse before the pulse train (b) test pulse after the pulse train. Data for “typical” listeners with normal 

hearing (Lt), “untypical” listener with normal hearing (L5) and listener with aging-related hearing loss (L2). 

Legend: detection test pulse without pulse train (silent) and different values of T 
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The values of Tmin were different for different listeners and depended on position of the test pulse 
in the pulse train. The lowest Tmin (25ms) was found for the typical listeners (Lt) at all position of the 
test pulse. The listeners L5 and L2 had different thresholds depending on the test pulse position. If the 
test pulse was before the pulse train, Tmin was 80 and 50 ms, resp. If the test pulse was after pulse train, 
Tmin was 50 and 30 ms, resp. However, the detection thresholds for single pulse were similar for 
listeners Lt and L5 and lower for listeners L2. Thus, the temporal resolution threshold, Tmin, for the 
test pulse loudness was not associated with the detection thresholds for single pulse.  

The maximal values of the dIso were found for T equal to Tmin. Increasing T over Tmin caused 
decreasing dIso for all listeners. We suppose that the dIso could be related to changes of test pulse 
loudness.  

For listener Lt, the highest dIso was 27 dB at T=25 ms, when the test pulse was after pulse train. 
When the test pulse was before pulse train, dIso was 9 dB. 

The listener L5 had dIso about 23 dB at T=50 ms, when the test pulse was after pulse train and 23 
at T=80 ms when the test pulse was before pulse train. 

The listeners L2 had dIso about 14 dB at T=30 ms, when the test pulse was after pulse train, and 17 
dB at T=50 ms, when test pulse was before pulse train. 

The values of dIso and Tmin were not related to the auditory sensitivity of the listeners.  The highest 
Tmin and dIso were found in “untypical” listener L5. The lowest Tmin and dIso was found in 
normal-hearing listeners. 

 
Table 2. – The values of threshold shifts dIso 

 

Listener Т, ms 
Start of sequence End of sequence 

dIso, dB dIso, dB 

Lt 

25 9 27 

50 9 9 

80 3 4 

L5 

50 - 23 

80 23 8 

110 2 14 

L2 

30 - 14 

50 17 16 

80 2 6 
 
The next stage of the study was the comparison of values Tmin and dIso with the indicators of 

temporal integration for tones and trains. The detection thresholds of different duration tones and 11 
pulse trains were presented in tables 3 and 4. 

The indicators of I_t were similar for Lt and for L5 and lower for L2. The listener with 
aging-related hearing loss had decreased of temporal integration. 

 
Table 3. – Indicators of temporal integration for tone 

 

Listeners 

Threshold for 
tone with 

duration 240 ms, 
dB 

Tone duration (D_t), ms 
15 30 60 120 
Indicators of temporal integration for tones, I_t, dB 

Lt 3,9 11,3 7,4 4,9 1,5 

L5 0,9 10,9 8,0 5,0 3,0 

L2 15,0 7,4 5,9 2,6 0,7 
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The indicator of I_ps was approximately matched the detection thresholds of single pulse for Lt. 
Thise indicator were varied within 2 dB for T from 20 to 80 ms. This may identify to weak summation 
of pulse train.  

The indicator of I_ps decreased by 5-6 dB with increasing inter-pulse interval from 20 to 80 ms for 
listener L5. However, for the listeners L2, the indicator of I_ps was 6 – 8 dB at all T, finding 
remarkable summation of pulse train. 

 
Table 4. – Indicators of temporal integration for pulse train. 

 

Listeners 
 

Pulse 
detection 

threshold, dB 

Inter-pulse interval for 11 pulse train, ms 
20 30 50 80 

Indicator of temporal integration for trains, I_sp, dB 

Lt 14,0 0,9 1,8 0,3 -0,6 

L5 16,0 9,5 9,1 6,9 4,9 

L2 26,0 7,7 6,4 8,5 7,9 
 
Temporal integration for tones did not correspond to temporal integration for trains. The listeners 

Lt featured the decrease in temporal integration for train in comparison with the listeners L5 and L2. 
This suggests that the reason of Tmin and dIso inter-individual difference is the difference in temporal 
integration of pulse trains.  

Integration of pulse train with inter-pulse intervals of 20-80 ms and train durations of 200-800 ms 
was obtained for listeners L5 and L2, but integration of tones with the same duration was absent. 

It can be assumed that the integration of train, but not the integration of tones, determines the 
temporal resolution of the test pulse loudness. 

Thus, the positive values of dIso were found in all position of pulse at T near Tmin. The lower Tmin 
was found in listeners with normal hearing. The high Tmin was found for listeners with different 
auditory sensitivity but with temporal integration for pulse train having inter-pulse interval of 20-80 
ms. 

3. Discussion and conclusions 
In our experiments, listeners could detect the test pulse only basing on its loudness. We suppose 

that the minimal inter-pulse interval at which the listener could detect the test pulse (Tmin) can define 
the temporal resolution of pulse loudness. Another parameter, the shift of pulse detection thresholds 
(dIso) may characterize the change of test pulse loudness in pulse train. 

The temporal resolution of pulse loudness equal to 25 ms for the typical listeners with normal 
hearing (Lt) corresponded to the amplitude modulation frequency threshold for noise, which obtained 
using temporal modulation transfer function (6). The auditory system is considered to analyze 
amplitude changes of sound signals if the modulation frequency is less than the modulation threshold. 
The listeners with aging-related hearing loss have lower sensitivity to amplitude modulation (7-10). In 
our study, the listener with aging-related hearing loss (L2) has the high Tmin. 

The temporal integration of tones in our listeners with normal hearing (Lt and L5) and with small 
hearing losses (L2) corresponded to the well-known data (11-14). 

The temporal integration of pulse trains obtained for “typical” listeners (Lt) with normal hearing, 
revealed known properties (15), but the individual data of the two other listeners (I5 and I2) with 
different auditory sensitivity did not. For them, the indicator of I_ps at T of 20 ms was 6-8 dB. The 
auditory system of these listeners could unite the responses on the pulses in train, therefore the 
detection thresholds of the train was less than the detection threshold of a single pulse. 

The listeners of L5 and L2 had the different values of Tmin for different positions of test pulses in 
train. In the case of different positions of the test pulse, the shifts of dIso obtained for inter -pulse 
interval equal to Tmin could exceed 20 dB, but connections between the indicators of Tmin and the 
shifts of dIso were different. These pointed out to the differences in the processes of the loudness 
formation for first and last pulses. 

For the first pulse in the train, the following rule was true: the higher the value of Tmin the greater 
the shift dIso. Apparently, the relatively short-term integration process (with time constant less than 

5818



 

 

110 ms) participated in the formation of the first pulse loudness. This process was responsible for the 
partial masking of the pulse loudness (4, 5). 

For the last pulse in the train, another rule was valid: the smaller the value of Tmin, the greater the 
shift of dIso. We supposed, in addition to the short-term integration process, a long-term integration 
process of the post-spike changes in the auditory neuron excitability participated in the formation of 
the last pulse loudness. This long-term process could be responsible for both the forward masking (5) 
and changes in loudness of last pulse. The contribution of long-term process to the last pulse detection 
could be considerably greater than the contribution of the short-term process. 

Thus, the detectability of the threshold loudness of the first and last pulses in train depended on the 
inter-pulse interval. Due to this it is possible to suppose that the phoneme loudness may depend on 
speech rate. Decrease phoneme loudness may be a reason for a decrease in speech intelligibility.  
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ABSTRACT 
The perception of tonal sounds is one of the most important psychoacoustic sensations for product sound 
quality and environmental noise. In the past, a lot of work has been carried out to quantify tonal sound events 
automatically. This work resulted in several methods for quantifying tonalities, such as Tone-to-Noise Ratio, 
Prominence Ratio or the Psychoacoustic Tonality, which was standardized in the 15th Edition of the   
ECMA-74 standard. The Psychoacoustic Tonality is based on a hearing model which emulates the processing 
of human hearing. Thus, it is able to predict human perception better than other methods which are only 
partly based on psychoacoustics. 
Since the publication of the Psychoacoustic Tonality, the algorithm is constantly being improved. In this 
paper, the latest progress in the calculation of the Psychoacoustic Tonality is presented. The new 
developments include improvements for low frequencies, identification of tonal components and a higher 
frequency resolution of the detected tonalities. 
These improvements will likely be included in future editions of the ECMA-74 standard. 
 

1. INTRODUCTION 
Technical and natural sounds frequently contain prominent tonal components. These sounds are 

often either produced by periodicity, for example by a rotating device, or by narrowband noises which 
can for example be generated by air flow. 

Tonal components are perceived very prominently by a human listener and thus significantly 
influence the individual perception and evaluation of a sound event. Tonal sounds significantly 
increase annoyance, if they are perceived as unwanted. Hence, the quantification of tonal sounds has 
been an important topic for a long time. The topic currently gains even more attention due to the 
increasing importance of electric vehicles. While these vehicles produce less overall noise, electric 
motors do produce a rather tonal sound. 

Several attempts have been made in the past for the automatic quantification of tonalities. Methods 
like the Prominence Ratio (PR) [1] or the Tone-to-Noise Ratio (TNR) [2] have already been in use for 
a while, but they often lead to unsatisfactory results, because they do not consider human perception. 
As a consequence, both methods produce implausible results in certain scenarios. For example, the 
same signals with different sound pressure levels lead to the same result when using these methods 
even though the perception of tonality has a level-dependence. 

Research results show a strong correlation between tonality perception and the partial loudness of 
tonal sound components [3]-[5]. Recently a new method, the Psychoacoustic Tonality, has been 
published in the 15th edition of the ECMA-74 standard [6]. This method is based on a psychoacoustic 
hearing model and thus takes into account several psychoacoustic effects that are not considered in 
PR and TNR. The applicability of the model was investigated for technical sounds and compared to 
established methods [7,8]. 

Besides the quantification of tonality, recent research also deals with the quantification of tonal 
annoyance [9]. The ECMA-74 tonality can also be modified to describe this sensation [10]. 

While the Psychoacoustic Tonality shows a better performance than other established methods [11], 
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it is constantly being revised to further improve the results and to include additional features. These 
improvements are presented in this paper. Recently, it was shown that the ECMA-74 Psychoacoustic 
Tonality tends to overestimate tonalities of tonal components at low frequencies [10]. To avoid this 
effect, the outer and middle ear filtering of the algorithm was revised. New or  improved features are 
introduced to the algorithm by identifying tonal components and increasing the frequency resolution 
of the detected tonalities. If not otherwise mentioned, ECMA-74 refers to the 15th Edition of the 
ECMA-74 standard [6] throughout this document. 
 

2. PSYCHOACOUSTIC HEARING MODEL BASED ON ECMA-74 
The basis for the tonality calculation is a model of the human hearing which transforms sound 

pressure to perceived loudness. This model was first described in [12] and later improved further. In 
the 15th edition of the ECMA-74 standard [6] it is described in Annex F and used as basis for further 
calculation of psychoacoustic analyses. In this section the hearing model according to ECMA-74 is 
first described and improvements which were recently applied to the model are presented. 

Figure 1 shows the structure of the hearing model. The sound pressure input signal   is 
processed according to the signal processing of the human hearing. Finally, the model results in the 
specific loudness  . The processing steps of the hearing model are briefly discussed in the 
following and recent improvements to the algorithm are described.  Specific information about the 
exact implementation can be found in the ECMA-74 standard [6]. Since the definition of the critical 
bands in the hearing model differs slightly from the commonly used definition by Zwicker [13], the 
unit   (bark according to the hearing model of Sottek) is used in the following. 
Correspondingly the unit  is used for the loudness calculated by the hearing model. 

The processing starts with outer and middle ear filtering. In ECMA-74, this filter is defined such 
that the resulting loudness of the hearing model fits well to the equal loudness contours (ELCs) of 
ISO 226:1987 for frequencies below 1 kHz and to the ELCs of ISO 226:2003 for higher frequencies.  
 

 
Figure 1 – Basic hearing model structure 

 
Since the results of ECMA-74 tend to overestimate tonalities at low frequencies, this filter was 

revised such that the results also match the ELCs of ISO 226:2003 for frequencies below 1 kHz. 
Additionally, a peak at frequencies above 10 kHz was removed since it artificially added tonal effects 
to some signals. Also, the filter was designed such that it can be described as two serial filters 
corresponding to the influence of the outer ear and of the middle/inner ear.  The outer ear filter can be 
divided into a filter considering the diffuse field influence and a filter considering additional effects 
in free field. With this definition, it is possible to differentiate between free field and diffuse field 
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conditions. In free field conditions, the complete filters need to be considered, while in diffuse field 
conditions only the diffuse field part of the outer ear needs to be used together with the filter of the 
inner/middle ear. 

Figure 2 shows the original filter as described in ECMA-74 (left) and the modified filter with the 
two serial filters corresponding to the outer ear and to the middle/inner ear  for free field condition. 
 

 
Figure 2 – Left: Outer and middle ear transfer function according to ECMA-74,  

Right: Revised outer and middle/inner ear transfer function 

In the next step, the signal is processed by an auditory filter bank consisting of 53 overlapping 
filters corresponding to critical bands from  to  with a step size of  This 
step together with the subsequent half-wave rectification remains unchanged and is calculated exactly 
as described in ECMA-74. The resulting 53 rectified band-pass signals  are later used as basis 
for the calculation of the tonality. 

To calculate the specific loudness, blockwise root-mean square (RMS) values are taken from  
and transformed nonlinearly to result in specific loudness without consideration of the thresh old in 
quiet. These steps are calculated unmodified according to ECMA-74. For the calculation of the 
blockwise root mean square values, a frequency-dependent block length  is used. The block 
length is 8192 for the lowest critical bands and is decreased stepwise by a factor of 2 until it reaches 
a length of 1024 samples. 

Finally, the effect of the threshold of hearing is applied to the loudness values. The function 
describing the specific loudness threshold needs to be modified to fit to the outer and middle ear filters. 

Figure 3 shows the specific loudness thresholds according to ECMA-74 (left) and the modified one 
(right). 

 

 
Figure 3 – Left: Loudness threshold according to ECMA-74, Right: Revised loudness threshold 

 
The results of this calculation are 53 specific loudness values  for each time block, which 

are used as basis for the tonality calculation process.  
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3. CALCULATION OF TONALITY 
The calculation of tonality is based on the rectified band-pass signals  which were calculated 

in the hearing model. Additionally, the final result of the hearing model, the specific loudness  
is used. The basic structure of the tonality calculation is shown in Figure 4.  

 

 
Figure 4 – Basic structure of the tonality calculation 

3.1 Estimation of Tonal Loudness. 
Tonality is calculated from the tonal loudness of the signal. The estimation of tonal loudness is 

done similarly to ECMA-74 but with minor modifications. The first step to estimate the tonal loudness 
is to calculate blockwise scaled autocorrelation functions (ACF). The block size  which was 
used for the calculation of the RMS values in the hearing model is used. The calculation of the 
autocorrelation function is done according to ECMA-74. 

In ECMA-74, ACFs of neighboring bands and of neighboring blocks are averaged to reduce noise 
effects. This averaging step is skipped since noise reduction is inherently performed in a new grouping 
step which will be described later. 

Next, a window is applied to the ACFs as described in ECMA-74. Since signal energy of noisy 
signal parts only appears for low lags of the ACF, the window is placed such that lower lags are 
ignored. Tonal loudness is then estimated by first removing the mean of the windowed ACF. The 
windowed ACF with removed mean is analyzed by a Discrete Fourier Transform (DFT). In     
ECMA-74, a -point DFT is used, resulting in different frequency resolutions depending on the 
band  , with the highest frequency resolution for the lowest bands. To obtain a constantly high 
frequency resolution, a 16384-point DFT is now used independently of the block size. This size 
corresponds to the -point DFT for the lowest frequency bands but results in a higher resolution 
for higher bands. Tonal loudness is then estimated as the maximum of this spectrum. In ECMA-74, a 
frequency range is defined to limit the maximum search. This frequency range is no longer used in 
order to provide consistent results for the entire audible frequency range between (specific) loudness 
and (specific) tonal loudness. Apart from this, the tonal loudness is estimated as described in   
ECMA-74. Additionally, the frequency at which the maximum occurs is saved as the f requency 
corresponding to the tonal sound. 

Since the block size used for the ACF differs for different frequency bands, the temporal resolution 
of the blocks is also different. Thus, the estimated tonal loudness and the corresponding frequencies 
are resampled to a common time basis as explained in ECMA-74. With this resampling step, all results 
have a common time index  . Since the next steps are independent of this time index, it will be 
neglected for the description of the algorithm and only be reintroduced for the description of the time-
dependent tonality. This first estimate of the tonal loudness is named  and the corresponding 
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frequencies . The resampling is also applied to the specific loudness of the signal , resulting 
in the estimated loudness of the signal . 

3.2 Low-pass Filtering 
In ECMA-74, the first estimate of the tonal loudness is refined by low-pass filtering and a noise 

reduction step by applying a sigmoid function depending on a SNR estimate.  The low-pass filtering 
is performed in the same way as described in ECMA-74, resulting in the final estimate of the specific 
tonal loudness . The low-pass filtering is also applied to , resulting in the final 
estimate of the loudness of the signal . 

The application of the sigmoid function is skipped because a new grouping step is introduced which 
will be described in the next section. This grouping step inherently performs noise reduction.  

3.3 Grouping of Tonal Components 
In the grouping step, the specific tonal loudness  and the corresponding high-resolution 

frequency  are used to group the specific loudness of tonal components into the total loudness 
of those components. To describe the grouping step,  and  are described as a function 
of an index  ranging from 1 to 53 rather than a function of the critical band number , i.e.  
and  are used. The resulting tonal loudness values of the components are stored in , 
which is first initialized with zeros for each index  and then filled with the corresponding tonal 
loudness values in an iterative process as described below.    is the corresponding 
variable for the noise loudness in the bands of the tonal components. 

First, the frequencies corresponding to the tonal content of each band, , are transformed to 
 values  according to Equation (F.6) of the ECMA-74 standard (15th Edition). 

Next, the iterative process starts. For the first iteration, a set of indices  is defined, which first 
contains all indices  which belong to a defined frequency range: 
 

, (1) 
 
where   and   are critical band values corresponding to the range of human hearing. Values 
corresponding to a lower limit of 16 Hz and an upper limit of 20 kHz are used. The grouping is only 
performed if the overall tonal loudness of all  exceeds 0.01 : 
 

 (2) 

Next, new sets of indices are defined for each index , containing all indices with a critical 
band value  which is close to the value  of the specific band index : 
 

, (3) 
 
where  is the maximum allowed deviation. A value of  is used. 

Each set of indices  stands for one potential group corresponding to one tonal component. Only the 
group corresponding to the highest tonal loudness is considered as a tonal component in this iteration step. 
This is the set , corresponding to the index  maximizing the tonal loudness of the group: 
 

 (4) 

The set  is only accepted as a tonal component if it contains at least 3 elements for , resp. 2 
elements for . The reason for this limitation is that a tonal component will usually appear at least 
in the directly neighboring bands. If it does not appear in the neighboring bands, it can be assumed that the 
high loudness originates from a noisy sound and should not be considered as a tonal component. If the set is 
accepted as tonal component, the corresponding critical band number is estimated by a weighted average of 
the critical band numbers  in : 
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 (5) 

 
The corresponding index for this average band number can be calculated as  
 

 (6) 
 
where the  operator denotes rounding to the nearest integer. This index is used to add the tonal 
loudness of the tonal component to : 
 

 (7) 

where the  operator describes the assignment of the right side to the left side variable. Accordingly, 
the assignment 

 (8) 

is made. The next iteration starts by assigning a new set, of indices  without the indices of  
 

 (9) 
 

With this set of indices, the iteration starts again with Equation (1). The iterative process is stopped 
once the condition described in Equation (2) is not fulfilled. The frequency  (corresponding 
to ) is saved as the frequency of the maximum component assigned to  during all iterations for 
further analyses (see section 4.2). 

3.4 Calculation of Tonality 
The mapping of tonal loudness to tonality is done by SNR-dependent scaling of the tonal loudness. 

The scaling factor  is calculated using the same sigmoid function 
 

 (10) 

 
as in ECMA-74. However, the SNR is calculated differently and consequentially the parameters  
and  need to be adjusted. The SNR is calculated in dependency of the index  of the critical band: 

 (11) 

 
and the parameters are set to   and  . The tonality of each tonal component is then 
calculated as 

 (12) 
 

A calibration factor as described in ECMA-74 is not necessary.  is actually dependent on 
the time index  and the critical band index  or the critical band . For consistency with ECMA-74, 
it is denoted . The time-dependent tonality  can be calculated by taking the maximum 
of  over all critical bands . This calculation procedure is based on the assumption that 
the perception of tonality is defined by the most dominant tonal component. The single value tonality 

 is calculated from the time-dependent tonality as explained in ECMA-74. 
The unit of the tonality calculated by the Psychoacoustic Tonality method is given in tuHMS (tonality 

units according to the hearing model of Sottek). The tonality of a 1 kHz tone with a sound pressure 
level of 40 dB is 1 tuHMS by design of the algorithm. 
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4. RESULTS 

4.1 Effect of revised Outer/Middle Ear Filter 
The outer and middle ear filtering was revised because the ECMA-74 tonality often overestimates 

tonality of low-frequent tonal components. To validate this effect and to design the new filters, 
listening tests were conducted, which were published in [10]. In these listening tests, the equal 
loudness contours of the tonal loudness of sinusoids with frequencies below 1  kHz were determined. 

 
Figure 5 – Equal loudness contour (50 phon) of the tonal loudness for sinusoids below 1 kHz 

Figure 5 shows the result for the 50 phon contour. The results of the listening test are close to the 
ELCs of ISO 226:2003. Since the outer and middle ear filtering in ECMA-74 was designed aiming 
for the ELCs of ISO 226:1987, the results of ECMA-74 follow this contour closely. This behavior 
results in the overestimation of the tonality. With the new filter of the revised tonality calculation, the 
ELCs follow the ISO 226:2003 contour and are thus much closer to the result of the listening test.  

4.2 Effect of higher resolution and identification of components 
The saved frequency  of the tonal component (see section 3.4) achieved by the revised 

tonality algorithm provides much clearer results. Figure 6 shows the effect on two synthetic signals. 

 
Figure 6 – Left: Results of ECMA-74 tonality, Right: Result of revised tonality algorithm. Top to bottom: 
Sinusoid (1000 kHz, 65 dB SPL) in pink noise (60 dB SPL), narrowband noise (950-1050 Hz, 65 dB SPL) 

in pink noise (60 dB SPL) 
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The result of the sinusoid helps to illustrate how much the resolution is improved. The result of 
the narrowband noise shows how the improved resolution helps in understanding the character of a 
tonal sound. The ECMA-74 result could occur from a narrowband noise or from a pure tone with 
fluctuating frequency and amplitude. With the higher resolution, it is clear that the tonality comes 
from different frequencies and thus originates from a narrowband noise. 
 

 
Figure 7 – Engine starter with tonal component. Left: Results of ECMA-74 tonality, Right: Result of 

revised tonality algorithm. 

Figure 7 shows the results of an engine starter which produces a tonal sound. The results show that 
the amplitude of the tonality is rather consistent for the two calculation methods, while the frequency 
resolution is improved in the revised algorithm. 

5. CONCLUSIONS 
In this paper, modifications to the ECMA-74 tonality calculation are presented. Modifications to 

the outer and middle ear filtering improve the results for low frequencies. Additionally, the new 
definition of the filter allows different calculations depending on the sound field. The newly 
introduced grouping of tonal components results in a much higher frequency resolution of the 
calculated tonalities. Additionally, it inherently suppresses noise and the estimated tonal components 
can be used for further processing in the future. 

The presented modifications will likely be included in a future version of the EMCA -74 standard. 
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Spectral prominence influencing the perceived strength of psychoacoustic
measures
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Abstract
The perceived strength of many psychoacoustic measures such as roughness, impulsiveness or beating strength
all depend to some degree on the overall sound pressure level. In previous studies this effect was mainly observed
using different synthetic sounds. In many environmental sounds these psychoacoustic phenomena usually are
only present within a certain limited frequency band. For such a frequency band, only a very small change in
sound pressure level in relation to the neighboring bands could result in a very large change in the perceived
strength of the psychoacoustic measure and thus the dependence of the psychoacoustic measure on the sound
pressure level is much stronger than in isolated broad- or narrow-band conditions. This is shown in listening
tests where for example modulations were only applied to a limited band within a broadband noise. The level of
only this band was then altered in small steps. These changes in the spectral prominence of the modulated band
caused a large change in the perceived strength for some psychoacoustic measures. This effect is relevant for
environmental sounds such as vehicle interior noise which can exhibit different degrees of spectral prominence.
Different approaches for interpreting these data are shown and discussed.

Keywords: Sound, Insulation, Transmission

1 INTRODUCTION
The research that is presented in this contribution was triggered by the observation that two car interior noises

with different exhaust systems produced unexpectedly large difference in perceived roughness. In these example

noises it was observed that level changes of about 10dB in a certain frequency band caused this unexpectedly

large change in roughness of about a factor of 3-4. In previous studies it was shown that a change in level of

40dB results in a change in roughness of about factor three. This holds for both narrow-band and broadband

signals [1].

Hence, an increase of the level of a modulated band by 10dB would result in a change in roughness by a

factor of approximately 1.3. This theory is not supported by the subjective listening impression, the change in

roughness is perceived much higher. This phenomenon can not be explained with previous findings about the

level dependency of psychoacoustic roughness. To investigate this effect, an artificial sound reproducing the ob-

servations made in the example with environmental recording is introduced. Furthermore this study is extended

to extended to the other temporal modulation based perceptual attributes "beating strength" and "impulsiveness"

and also "tonality".

2 STIMULI
The the stimuli used for the experiments are based on a pink noise with a sound pressure level of 65dB. For

investigating effects for roughness, a frequency band centered around 1kHz and with a width of 3,5 or 7 bark

is cut out of the broadband noise. This part is then modulated with a modulation frequency of 70Hz and a

modulation depth of -3dB (20 · log10(m)) and put back into the noise with a level change of -6, -3, 0, 3 or 6dB

relative to its original level. This results in 15 different sounds for which the modulated frequency band has a

different amount of spectral contrast to the surrounding, unmodulated noise (spectral prominence).

For the phenomenon "beating strength" the sounds were generated with a similar procedure, only the modulation
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frequency for the modulated part was set to 4Hz instead of 70Hz. The stimuli for "impulsiveness" were also

generated with a modulation frequency of 4Hz, additionally the modulated part was now centered around 1.5kHz

instead of 1kHz and the modulating waveform was changed to a sawtooth ("damped") shape. For tonality the

band was again centered around 1kHz but instead of modulating the prominent part, a 1kHz pure tone with a

level difference of 24dB with respect to the narrow band element was added.

3 PROCEDURE
The strength of the four different psychoacoustic measures is determined by by a parametric adjustment of a

reference sound such that it had the same strength of the respective psychometric measure. These points of sub-

jective equality (PSE) were determined in an adaptive staircase procedure where one parameter of the reference

sound was varied. The single trials of the adaptive runs for the different prominence parameters were interleaved

among each other. For the modulation-based phenomena the reference sound was a pink noise which was mod-

ulated in the same way as the narrow-band part in the test sounds. In the adaptive the modulation depth was

varied depending on the answers, starting with a change of 4dB, after the first upper reversal reduced to 2dB

and finally 1dB after another upper reversal. For tonality the reference sound was also a pink noise but with an

1kHz sinusoid added to the signal. The level of the sinusoid was then altered in the adaptive procedure.

The listener collective consisted of naive listeners who were students at Oldenburg University. The group con-

sisted of two female and six male persons aged between 20 and 26 years (Ø 24 years) for roughness and

impulsiveness and of 8 male participants aged between 26 and 30 years (Ø 28 years) for beating strength and

tonality.

4 RESULTS AND DISCUSSION
4.1 Roughness
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Figure 1. Degree of modulation of the reference sound (y-axis) for equal roughness as the test signals with

differing strength of spectral prominence (x-axis) and different bandwidths of the modulated part (colors). The

datapoints were slightly shifted on the x-axis for better visibility. The errorbars and datapoints indicate interindi-

vidual mean values and standard errors.

In Figure 1 the interindividual mean values for the degrees of modulation of the reference signal adjusted to

the same roughness as the 15 test signals are shown. Most important in this Figure is the observation that the

perceived roughness increases (as indicated by the modulation depth obtained in the PSE measurement) with
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spectral prominence. Note that the only stimulus property that changes is the relative SPL of the modulated

stimulus band, but not the modulation strength of the test signal as such. Besides that it is to be expected that

roughness will increase for larger bandwidths as can be expected based on previous studies.

The changes in the degree of modulation for different narrow-band level ratios are not in line with the obser-

vations made for both narrow- and wide-band signals in previous studies. For example, in the 7 bark condition

for a level change of 12dB in the test signals (from -6dB to 6dB) a change in roughness by the factor of

1.4 would be expected from the general level dependency of roughness [1]. From the change in the degree of

modulation in the corresponding reference signals a change by the factor of 4.5 is reported [1], so there is a

large contradiction between the predicted roughness change in the test signals and the reference signals. While

the dependency on the degree of modulation for wide-band signals has already been investigated in studies the

effect of changing the level of a modulated narrow-band signal embedded in a non-modulated signal has not

been investigated yet. It seems that the change in roughness could not be explained by the effect of level

change alone. An additional mechanism seems to cause a large change in roughness for relatively small level

changes for these types of signals.

One could argue that these observations may be explained by modulation masking. The reasoning would be that

the amount of modulation masking caused by the unmodulated parts of the sound will increase with decreasing

spectral prominence level though the fact that this effect should be smaller for the wider bands. This could not

be seen in the data. Nevertheless, modulation detection thresholds for the different prominence conditions were

measured in an adaptive 3 interval forced choice procedure for five listeners aged between 22 and 36 years.

Interindividual mean values are shown in Figure 2. Since there is no significant change in modulation detection

threshold for increased prominence levels, the effect of modulation masking seems to be very small and could

not explain the large changes in perceived roughness.
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Figure 2. Mean values and standard errors for modulation detection thresholds (y-axis) for different spectral

prominence levels (x-axis) and different widths of the modulated band (colors)

In Figure 3 calculated roughness values for the pairs of equal roughness are shown for two different calculation

algorithms ([2] and [3]). It is obvious that these calculations do not reproduce the data from the listening test.

A reason for this large difference between calculations and subjective ratings could be that the algorithms only

account for the level difference but not for the effects found for embedding a modulated signal into a non-

modulated signal, i.e. spectral prominence. Figure 4 shows the calculated relative roughness values in compari-

son to the relative roughness values calculated via the degree of modulation of the reference signal. The latter

show a much larger change than the algorithms would predict from the level change.
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Figure 3. Calculated roughness values for the pairs of equal roughness shown in Figure 1 (x- and y-axis) from

two different calculation algorithms (colors). Calculations being in line with the subjective ratings would be

close to the dashed line indicating equal roughness.
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Figure 4. Relative roughness values (y-axis) for the test signals with different spectral prominence levels (x-

axis) and different bandwidths (different panels) calculated with two algorithms (colors), compared to the relative

roughness of the reference signals calculated from the degree of modulation (black)

A further analysis showed that the algorithms both show a significantly higher dependency on the degree of

modulation for broadband noises than the one found in literature. A regression over the datapoints showed that

the roughness is proportional to m2.9 (Model Oetjen, [3]) and m2.0 (Model Sottek, [2]) whereas previous studies

suggested a relation proportional to m1.3 [1].
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4.2 Beating strength
In Figure 5 the degrees of modulation of the reference signal for equal beating strength are shown. The general

tendencies are similar to those found for roughness in Figure 1 but the change in modulation depth is slightly

lower.
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Figure 5. Degree of modulation of the reference sound (y-axis) for equal beating strength as the test signals.

The representation is the same as in Figure 1.

Calculating beating strength values for pairs of equal beating strength with the algorithm from "ArtemiS SUITE

8.3" by the Head acoustics GmbH shows, similar to the roughness values, a large difference between the subjec-

tive ratings and the calculations (Figure 6). The differences are a bit lower than those found for the roughness

calculations.
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Figure 6. Calculated beating strength values for the pairs of equal beating strength (x- and y-axis) shown in

Figure 5. The dashed line indicates the points of equal beating strength.

In this case the SPL of the modulated stimulus part by itself does not seem to be the reason for these dif-

ferences. Comparing the calculations for the test signals with the beating strength values calculated from the
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degree of modulation of the reference signals shows a good correspondence (Figure 7). The calculation method

shows, similar to the roughness algorithms, a far too strong dependency on the degree of modulation. From a

regression analysis it can be shown that the calculated values are proportional to m2.9 whereas previous studies

suggested a dependency proportional to m1,0 [1].
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Figure 7. Relative beating strength values (y-axis) for the test signals with different spectral prominence lev-

els (x-axis) and different bandwidths (different panels) calculated with an algorithm (orange), compared to the

relative beating strength of the reference signals calculated from the degree of modulation (black)

4.3 Impulsiveness
Similar to roughness the degrees of modulation for equal impulsiveness are shown in Figure 8. These show the

same tendencies as the data for roughness and beating strength.
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Figure 8. Degree of modulation of the reference sound (y-axis) for equal impulsiveness as the test signals. The

representation is the same as in Figure 1.

5833



From an algorithm developed at the University of Oldenburg and from the software "ArtemiS SUITE 8.3" by

the Head acoustics GmbH these pairs of equal impulsiveness were calculated. As shown in Figure 9 these

calculations differ a lot from the subjective ratings. A further analysis is not possible in this case because there

are no fundamental data known from literature.
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Figure 9. Calculated impulsiveness values for the pairs of equal beating strength (x- and y-axis) shown in

Figure 8. The dashed line indicates the points of equal impulsiveness.

4.4 Tonality
In Figure 10 the level differences of the pure tone in the reference sounds for equal tonality are shown. There

is no significant influence neither by the bandwith nor by the spectral prominence level. This is in line with

the calculation method fronm the German DIN standard for tonality [4].
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Figure 10. Level difference of the pure tone compared to the noise ground of the reference signal (y-axis) for

equal tonality as the test signals. The representation is the same as in Figure 1.
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5 SUMMARY
Spectral prominence causes large changes in the perceived expected from the level changes of the modulated

stimulus part, both for roughness and beating strength. This phenomenon is much stronger than the change

that could be expected from the level change for roughness and beating strength. There is also an effect for

impulsiveness but since the general dependency of this measure on the overall level has not been investigated

yet it is not possible to quantify the influence of spectral contrast. For tonality this effect could not be observed.

This effect is not covered by calculation algorithms for roughness. Additionally, all algorithms for roughness

and beating strength show a far too high dependency on the degree of modulation for broadband signals.
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Expression of the feelings to noise using cepstral parameters 
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ABSTRACT 
The influence that noise environment gives in human feelings becomes one important topics of the 

environmental problem. This paper shows the unpleasant feelings of human when hearing different type of 
noises. Previous our research showed that the unpleasant feelings are changed even if the sound pressure 
level hearing noise is same. In this paper, we define the feature parameters using spectral envelopes of noisy 
signal using cepstral coefficients. Relation between the feeling test of examinees and the feature parameters 
are compared. The results show that the spectral level on high frequency domain affect the feelings. Next, 
examination between the feelings and the Lombard effect are tested. The amount of the Lombard effect are 
defined using the center of the gravity of the pentagon by the first and the second formant frequency of 
Japanese 5 vowels or the average of the moving distance of the selected vowels. Examination shows some 
relationship between amount of the effect and feelings. The other experiments show that relationship 
between the kind of noise and feelings are tested and results are also shown. 
 
Keywords: Feeling to sounds, Colored noise, Lombard effect, Cepstrum, Formant 

1. INTRODUCTION 
The influence of the environmental noise to the person is very important problem for social life.  

The feelings of noises affect to the safety life and it is considered that the detection of the quality of 
noises is important for this problem.  

We measured the sound inside of the body using NAM microphones (1) and piezoelectric sensors 
to obtain the sleep in sleep-wake state (2). This paper showed that the noise from inside the body is 
changed when the examinees feel the sleepiness or comfortable. In sleeping state, the noise from the 
body made like the white noise. We measured the comfortableness of the human in this method and 
showed the effectiveness (3).  

Lombard effect is known to happen when human pronounce a sound under the inferior noise 
environment. This effect is explained that improvement of intelligibility using the change of the 
pronunciation (4). Lombard effect is remarkable in poor noisy environment. The loudness of the 
utterance is increasing at the same time, and the uttering person feels unpleasantness. 

We examined the Lombard effect under the noisy environment and showed the relationship 
between utterance of the vowels and the sound level of the noise (5). In this paper the Lombard 
effect is remarkable when examinees hear the white noise. And the Lombard effect is decreasing in 
case when examinees hear the pink noise even if the hearing sound pressure level is equal. These 
facts show that the Lombard effect is affected with the frequency features of the noises. These 
features are also concerned with the feelings of examinees. However, the relationship between the 
spectral feature of the noise and the Lombard effect is not clearly found.  

In this paper, the Lombard sound using three kinds of the band noises are obtained. The shift of 
the formant frequencies and the difference of speech sound level is measured in case that the 
examinee is hearing several types of noises.  We define the spectral feature parameter of the noise 
using cepstral coefficients obtained from noisy waveforms. We compare the feature parameters and 
the amount of the Lombard effect with the feeling test by examinees. The experimental  results are 
shown in case the quality of the noise is changed. We also performed other set of the feeling test 
using these band the noises. Comparison between the feeling test and feature parameter in this 
experiments are also shown. 
 

                                                        
1 makita@oita-u.ac.jp 
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2. THE EXPERIMENT OF RECORING LOMBARD SOUND 
We recorded the Lombard voice using Japanese 5 vowels. Four Japanese male speakers speak the 

vowels while hearing the noise from headphone as shown in Figure 1.  The source of the noise is 
obtained by audio check compact discs shown in Table 1. The spectral envelopes of noises are shown 
in Figure 2.  

The level of the noise from headphone are determined as 60dB(A),73dB(A) and 85dB(A). Four 
examinees uttered 5 Japanese vowels while hearing these noises. In the experiment, examinees 
uttered voice as their pronunciation is able to be recognized.  

Uttered speech sounds are sampled by sampling frequency 10 kHz and quantized by 12bit. The 
speech data analyzed into 25 cepstral coefficients using improved cepstral method (6).  In analysis, 
frame period is 10ms and the frame length is 25.6ms. Spectral envelopes of  vowels are obtained 
from these 25 cepstral coefficients and formant frequencies are calculated by detecting local peaks of 
the spectral envelopes of the center part of vowels. 

 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1 – Example illustration of the recording the Lombard sounds 
 
 

Table 1 – Source of the noise waveforms used in this experiment 
 

Noise or Equipment Source 
Headphone SONY MDR-480AV 
White noise DENON CD COCQ-84695 Track 10 
Pink noise DENON CD COCQ-84695 Track 11 
Band noise 125Hz/1kHz/8kHz
(1/1 oct.) 

DENON SACD COGQ-28 Track 9-11 

 
 
 
 
 
 
 
 
 
 
 

         (a)              (b)              (c)              (d)              (e)  
 

  Figure 2 – Spectral envelope of the noise used in this experiment 
                 (a) white noise  (b) pink noise  (c) band noise 125Hz   

(d) band noise 1kHz  (e) band noise 8kHz 
 

30 cm 

Microphone 

Sound level meter 

Speaker 

Listen the noise by headphone 
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3. THE SHIFT OF THE FORMANT FREQUENCIES BY LOMBARD EFFECT 
The results of the difference of the Lombard effect when examinees hear different types of noises. 

Table 2 shows that the sound level of the vowels when examinees pronounced with hearing noises.  
The results show that the sound levels of the pronounce vowels are affected to the noise in territory 
below the frequency 1 kHz.  

The Lombard effect of the vowels is measured using the distribution of the first and the second 
formant frequencies of the uttered vowels. Figure 3 shows the first and the second formant 
frequencies when examinees hear the white noise and the pink noise. In Japanese, the distribution of 
the first and the second formant is known to become the pentagon when the turn of the vowel is /i/, 
/e/, /a/, /o/, /u/ like Figure 3. This figure also shows that the movement of the formant frequency is 
increasing when examinees hear the louder noise. 

The movement of the formant frequencies is caused by the change of the shape of vocal tract 
when the examinees utter the loud voice. We measure the shift of the formant frequencies by 
Lombard effect using the movement of the center of gravity of the pentagon (5). The movement of 
the pentagon is expressed in Figure 4. We define the variation of the center of gravity as equation 1, 
where the coordinates of the first and the second formants before movement and after movement are 
represented as  and . 

 
                    (1) 

 
The moving distances of the coordinate of the center of the gravity of pentagons are shown in 

Table 3. This results show that the movement is concerned with the power of the spectral envelopes 
of noises on low frequency domain and the movement becomes large when the hearing noise level 
beyond 73dB(A). 

 
Table 2 – Relationship between the hearing noise level and the sound level of voice (dB(A)) 

 
noise level 61dB(A) 73dB(A) 85dB(A) 
vowel /a/ /i/ /a/ /i/ /a/ /i/ 
white noise 91 82 93 88 101 92 
pink noise 93 84 97 92 102 95 
band noise (125Hz) 90 80 97 87 100 92 
band noise (1kHz) 89 80 93 82 98 90 
band noise (8kHz) 90 78 90 79 93 84 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
                (a)                                    (b) 
 

Figure 3 – Example illustration of the first and the second formant frequencies of  

Japanese 5 vowels in case that examinee is hearing the noise (Speaker A) 
                 (a) white noise  (b) pink noise 
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Figure 4 – Movement of the centroid of pentagon by the first and the second formant of 

Japanese 5 vowels caused by Lombard effect (Speaker A) 
 

Table 3 – Moving distances of the center of the gravity of the pentagon by formant frequency 
 

 Quiet to 61dB(A) 61dB(A) to 73dB(A) 73dB(A) to 85dB(A) 

white noise 0.114 0.158 0.115 

pink noise 0.069 0.058 0.080 

band 125Hz 0.107 0.004 0.061 

band 1kHz 0.044 0.014 0.064 

band 8kHz 0.032 0.034 0.067 
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We define the spectral feature parameter of the noise using cepstral coefficients of the noisy 
signals. The summation of the first cepstral coefficients to the nth cepstral coefficients are defined as 
equation 2, which express the broad inclination of spectrum. In this equation,  indicates the ith 
cepstral coefficient at  frame. 

 
                   (2) 

 
This parameter expresses the value of spectral envelopes at zero frequency expressed by M 

cepstral coefficients. In this paper, N=1 and M=15 is used. The value of the parameter becomes 
small in case that the noise level is decreasing on high frequency domain.  The Figure 5 shows the 
value of parameters when noisy waveform change. It is found that and the amount of the parameter is 
concerned with Lombard effect. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 5– The spectral feature parameters of noises by cepstral coefficients 

(Cepstral order 1 to 15) 
 
 
We have another test for detecting of the preference of the noisy tone using 11 examinees. Each 

examinee heard the 5 kinds of the noise of the same pressure level. The examinee put number one on 
the noise felt most unpleasantly and put 5 on the noise felt least unpleasantness. The result is shown 
in Table 4 and this result shows that the unpleasantness is related with the amount of the Lombard 
effect. However, in the test the standard deviation in case of the band noise 8kHz is large and there 
are different taste patterns are seen. Further preference test may be required to investigate the 
relation with the amount of Lombard effect. 

 
 

Table 4 – Results of the preference score using five types of noises (60dB (A)) 
 

 White noise Pink noise Band noise 
125Hz 

Band noise 
1kHz 

Band noise 
8kHz 

Average ranking 2.09  2.45  2.55  4.27  3.64  

Standard deviation 0.99  0.79  2.79  0.56  1.50  
 
 

4. CONCLUSIONS 
In this paper, the Lombard sounds obtained from five types of noise are measured to detect the 

influences of the frequency features of the noises. The previous our report suggested Lombard effect 

5840



 

 

is concerned with the noise on high frequency domain. The experiments in this paper showed that the 
band noise which has large level on lower frequency domain affect the Lombard effect. And the 
feature parameters by cepstral coefficients of noises are defined and we found out that a defined 
parameter is correlated with the Lombard effect. The hearing test of noisy waveforms showed that 
the some relationship between the Lombard effect and the feelings to noise . However, there are large 
deviations at the test using 8 kHz band noise and further hearing test will be required.  
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Modelling Monaural and Binaural Audio Quality 
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ABSTRACT 
In today’s entertainment, communication, and hearing rehabilitative applications numerous signal 
degradations, ranging from linear to nonlinear (monaural) to spatial (binaural) distortions, can occur affecting 
the perceived audio quality. For many applications tools for instrumental quality prediction are desirable. To 
cope with the large variety of different signal distortions, recently the monaural generalized power-spectrum 
model for quality [GPSMq, Biberger et al., JAES, 66, 578 (2018)] and the binaural auditory-model-based 
quality prediction [BAM-Q, Flessner et al., JAES, 65, 929 (2017)] have been suggested. Here the underlying 
auditory perception principles utilized in the models are outlined and the two models are combined 
investigating how monaural and binaural quality aspects contribute to overall audio quality. In a listening 
experiment, the effect of different monaural and binaural distortions on music, speech, and noise, applied 
either in isolation or in combination, was examined. The resulting database was used for assessing different 
methods for combining GPSMq and BAM-Q to joint overall audio predictions for monaural and binaural 
signal distortions. The results indicate that overall audio quality depends on the lower quality aspect, either 
monaural or binaural. Neither monaural nor binaural quality aspects dominated overall quality per se. 
 
Keywords: Audio quality, Auditory model, Psychoacoustics
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Abstract
The use of numerical methods is becoming more and more common in industry design processes. However, to
finely represent the physics of the problem, numerical models are always more complex and time consuming.
In the meantime, sound perception is now a very important topic for car manufacturers, who try to predict sound
quality during the development phase of the vehicle. It is therefore useful to get some ideas about how accurate
a simulation should be in order to be used in sound quality applications. The goal of this paper is to understand
the minimum accuracy of simulated transfer paths (TPs) required to give meaningful psychoacoustic results. A
physical model is build and the associated Finite Element (FE) model is setup, validated and taken as reference.
Then, some deteriorations of the FE model are introduced and a sensitivity analysis checks how those changes
affect objective metrics associated to the TPs. Laslty, hearing tests are performed in order to understand how
people percieve the differencies in the various simulated sounds.
Keywords: Sound perception, Finite Elements, Tranfer Path, Transfer Function

1 INTRODUCTION
Sound quality is important for car manufacturers, for internal noise as well as external noise (beside noise
regulation which are to be fulfilled). Simulation tools allow to predict the acoustic behaviour of a future car, but
their accuracy is still a challenge for engineers. Indeed, despite the use of model order reduction, substructuring
and other techniques, high accuracy still require long computation times, and remains problematic especially in
some frequency bands [1].
A turning point is represented by the importance of human perception in both the problems of noise pollu-
tion and vehicle detection. Some authors investigated the role of frequency resolution of a Transfer Function
(TF) into the perception of simulated sounds [2]. In [3], the effect of smoothing through moving averages was
discussed. Recently, more sofisticated modifications have been examinated. For instance, in [4] different modi-
fications were applied depending on the frequency range. At low frequencies, inaccuracies about the right value
of damping and eigenmodes were introduced; in the medium and high frequency range, decimation and two
types of smoothing were considered. Outcomes of these researches are quite consistent and show that people
do not perceive differences between two similar enough sounds.
These inabilities of people to detect details may be exploited to reduce the accuracy of simulated TFs, leading
to significant reduction of computation time. In concrete terms, given a Transfer Path (TP) it is possible to
derive several TFs by changing simulation parameters. Normally, TFs that represent more accurately the real
TP are obtained with more time consuming simulations. Because humans are not able to detect all details, up
to a certain threshold any increase of quality (of the TF) would be useless, thus making meaningless the use
of very accurate (and expensive) simulations. In this case, effects of frequency resolution previously described
may be directly applicable to simulations and the advantage in terms of saved time would be important. How-
ever, simulations have other sources of inaccuracy that could play a key role in this regards, and need to be
investigated.
Purpose of the present work is to perform an introductory study about how numerical accuracy of the Transfer
Path (TP) affects the perception of simulated sounds. The choice is to focus on the Finite Element (FE) Method
as a tool for performing simulations and on the Infinite Elements (IFEs) to ensure Sommerfield radiation con-
dition.
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2 THE FINITE ELEMENT MODELS
A test mockup was build, then a FE model was designed and qualitatively validated. This allowed to have a
numerical model that roughly has realistic acoustic properties. The mockup comprised a wood quarter-model
car, assumed to be acoustically rigid. Its purpose was only to introduce non trivial acoustic TPs, so all details
like suspensions and other structural components were not necessary and therefore missing. Figure 1 shows two
views of the mockup, and figure 2 shows the multiview projections with its dimensions in mm.
The system has been tested in a semi-anechoic chamber. Four microphones were placed in touch with the tire,
two of them on the ground and two of them suspended at 17.4cm from the ground. The monopole source used
for exciting the system has been moved to four different positions, thus allowing to measure a total of sixteen
Transfer Functions (TFs). The same TFs have been simulated in a CAE environment (Actran, [5]) through a
FE model. Speed of sound and air density were set to the values of 347.7m/s and 1.177kg/m3 respectively.
Characteristic length of finite elements, h, was 3.7mm, the order of polynomial shape function p was 2. In
order to ensure the Sommerfield radiation condition, Infinite Elements (IFEs) with shape function of order pIFE
7 have been used. Figure 3 shows the comparison between measured (blue) and simulated (red) TFs. Precisely,

(a) (b)

Figure 1. Two views of the mockup.

Figure 2. Multiview projections of the mockup; dimensions in mm.
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(a) (b)

Figure 3. Real (a) and imaginary part (b) of measured (blue) and simulated (red) TFs.

figure 3(a) shows real parts and figure 3(b) shows imaginary parts. Despite the comparison not being perfect, it
was considered sufficient for the purpose of this research.
Lastly, several FE models have been obtained by deteriorating the quality of the original mesh. Parameters
h, p and pIFE were the factors considered. Besides the original levels, other two were set for h (5.6mm and
11mm), one for p (1) and two for pIFE (5 and 2), thus having a total of eighteen different models (including
the reference one) and a total of 288 TFs.

3 SENSITIVITY ANALYSIS
For the sensitivity analysis, audio signal were used. They have been obtained by convoluting Impulse Response
Functions (calculated from the TFs via Inverse Discrete Fourier Transform) with a tire noise signal. The latter
was recorded during a coast-down with a constant deceleration of 1(km/h)/s on an experimental setup com-
prising the tire itself rolling on a bench with rough surface. Before convolution, the tire noise signal was cut
between 52km/h and 48km/h
Two objective metrics were used to evaluate the simulated TFs, namely dBA values and loudness according to
Moore and Glasberg’s model, [6]. Differences with respect to reference values were calculated as well. In the
case of dBA, differences were estimated as DREF −D, with D being the dBA value of the considered sound and
DREF being the dBA value of the reference one. In the case of loudness, the discrepancies were estimated as
the ratio L/LREF , with obvious meaning of the terms. Level differences were very small between the different
versions (maximum 1.2 dBA) as well as loudness differences as evaluated using Moore and Glasberg’s method
(maximum 10% difference), thus not providing any significant clue about human perception. Because of this,
jury tests were performed.
For timing reasons, jury tests were performed with data of only one TP (the one of figure 3); they involved
fourteen participants. Each participant has been asked to compare the reference sound with thirty six audio
records. The latter ones were the first two seconds of the eighteen sounds associated to the Transfer Path (thus
including the reference sound itself), which were compared twice in order to have redundant data. The two
sounds of each pair were separated by a pause lasting 1 second. When comparing them, the participant was
asked to rank the difference with a slider that can move between a "very similar" value and a "very different"
one. The slider then produced values between 0 and 10, for very similar and very different sounds respectively.
All the values relative to a single simulation have been averaged in order to obtain a ranking of the sounds as a
function of their differences with the reference. Results are shown in table 1, and clearly indicate a significant
importance of the polynomial shape function order p. h also seems to be important for the sound timbre, while
the infuence of pIFE cannot be detected. Surprinsigly, subjects reported a very slight difference between the
reference sound and itself. Results are also represented in figure 4, in which the dashed vertical line separates
simulations using p=2 (left-hand side) from simulations using p=1 (right-hand side). The shape of each point is
associated to h: squares refer to h=3.7mm, asterisks to h=5.6mm and crosses to h=3.7mm.
An ANOVA (repeated-measures) analysis was performed to better understand these results. Individually centered

5845



Table 1. Factors level and averaged test scores, ranked in function of perceived similarity with the reference
sound.

Rank h [mm] pIFE p Score
1 3.7 7 2 0.45
2 3.7 5 2 0.56
3 5.6 5 2 0.67
4 5.6 7 2 0.9
5 3.7 2 2 1.73
6 5.6 2 2 2.05
7 11 5 2 3.47
8 11 7 2 3.86
9 11 2 2 3.92

10 3.7 7 1 6.06
11 3.7 2 1 6.34
12 3.7 5 1 6.84
13 5.6 7 1 7.1
14 5.6 2 1 7.3
15 5.6 5 1 7.54
16 11 2 1 8.08
17 11 7 1 8.1
18 11 5 1 8.15

Figure 4. Averaged results of jury tests as a function of simulation rank.

data were used in order to avoid dependence of results’ variances from the average differences. Outcomes made
evident that pIFE does not play a critical role, since its p-value is significantly higher than the usually accepted
value 0.05. On the contrary, they confirmed the importance of p (F(1,13)=149.1 , p-value<0.00001) and h
(F(2,26)=31.3, p-value<0.00001). Figure 5 graphically represents the effects of p (a) and h (b) on the jury test
score (as least square mean), with a 95% confidence interval.

4 CONCLUSIONS
A FE model was validated with a physical mockup and used as a reference in this research. Then, several
FE models were generated by deteriorating the mesh quality of the reference. Loudness and dBA levels have
been calculated, without obtaining significant differences among the various models. However, jury test results
show clear differences depending in principle on the characteristic length of the FEs and on the order of their
polynomial shape functions.
Certain simulations had similar scores, despite having different settings. Even if these results are just prelimi-
nary, they prompt a possible exploitation of psychoacoustic properties to properly set numerical models in order
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(a) (b)

Figure 5. Effects of p (a) and h (b) on jury test score (least square means) with a 95% confidence interval.

to diminish computational time.
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Abstract
The concept of modulation filters is widely applied in in models of auditory perception. This concept was de-
rived from modulation masking experiments using a narrowband masker and a sinusoidal target modulation.
Using other periodic waveforms as a target modulation implies that "overtones" are added to the fundamental
modulation frequency. This target modulation containing overtones will result in changes across the output of
multiple modulation filters. In order to investigate this phenomenon listening tests measuring modulation mask-
ing for different target modulation waveforms, varying in both the modulation magnitude and phase distribution
of the overtones, were carried out. These data can not be reproduced by a model which is simply adding up the
output from multiple modulation filters or just considering the modulation filter with the highest output. Instead,
a new model approach using additional onset information for processing the output from multiple modulation
filters is developed. This approach can reproduce the experimental data qualitatively and quantitively.

Keywords: Auditory system, Modulation filters, Basic psychoacoustics

1 INTRODUCTION
Acoustic features related to amplitude-modulation perception are used in many fields such as for example speech

recognition or roughness models. In this context the paradigm of modulation filters like the ones purposed by

Ewert and Dau [1] is widely used. These filters were derived from experiments observing the masked detection

thresholds for sinusoidally-shaped modulators. The supra threshold percept of roughness also depends on the

presence of a specific modulation pattern. It has been shown to strongly depend on the wavefrom of the mod-

ulator [2].

These findings are very important for amplitude-modulation related perceptual attributes that can occur in prac-

tical applications since modulation spectra from environmental sounds usually show more than one component.

Often harmonic complexes can be found for example in the modulation spectra for combustion engine sounds.

This behavior can not be modeled with the output from a single modulation filter since most of the shape in-

formation caused by the overtones of the modulator waveform will be lost after processing through a bandpass

filter. So either the output from multiple modulation filters tuned to different frequencies has to be considered

or possibly a different approach using periodicity information has to be considered.

Since there is no information of how these complex-shaped modulations are perceived in the auditory system

an experiment using the same modulation-masking paradigm as a previous study with sinusoidal target modula-

tions [1] was carried out using a set of seven different waveforms as the target modulation. These waveforms

have been chosen such that information about the general principles of human auditory processing of amplitude

modulation could possibly be derived from the modulation masking data.

2 PROCEDURE
Thresholds were measured using a three interval adaptive forced choice (3AFC) procedure using a dedicated

Matlab framework [3]. For the measurement of the detection thresholds one interval contained the target modu-

lation and the two other intervals contained only the carrier signal. In the modulation-masking experiment one

interval contained the masker modulation and the target modulation while the two other intervals only contained

the masker modulation.

An one-up two-down rule was used to determine the modulation depth at which 70.7 percent correct responses
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can be expected [4]. The starting step size of the modulation depth variation was 4 dB, it was halved after

each upper reversal. During the measurement phase, the step size was 1 dB, 8 reversals were obtained and a

mean value was calculated from these last 8 reversals. The subjects were seated in a sound-attenuating booth.

They were notified whether they identified the target modulation correctly after each trial by displaying ’Richtig’

(right) or ’Falsch’ (wrong). The stimuli were presented via Sennheiser HD 650 headphones at a level of 65dB

SPL.

The listener collective consisted of eight, 3 female and 5 male, normal-hearing (self-reported) subjects from

which two were authors of this study. The other participants were paid for taking part in the study. The age

of the participants ranged between 22 and 36 years (Ø 27 years). First, the detection thresholds for the seven

modulation waveforms were measured in a randomized order. Afterwards, the masked detection thresholds were

measured with the adaptive runs for each combination of waveform and masking modulator frequency in a ran-

domized order. This overall procedure was carried out twice from each listener, the average measuring time

was 12 hours for each participant (96 hours in total). The single measurement sessions lasted between one and

two hours.

3 STIMULI
Each stimulus had a duration of 500ms, including 50ms cosinus windows at the on- and offset, separated by

gaps of 500ms. There were seven conditions that consisted of different combinations of overtone spectrum and

phase settings which are also illustrated together with their spectra in Figure 1.
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Figure 1. Modulation waveforms (upper panels) used in the experiment and the corresponding spectra (lower

panels). For a detailed description of the stimuli see text below.
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• S: A 32-Hz sinusoidal modulator

• T: A harmonic complex modulator with a fundamental frequency of 32 Hz and 14 harmonics and a 1/f

scaling factor with 0◦ phase building a sawtooth moduluation shape

• T-2: Like T, but with the fundamental frequency and the first harmonic removed

• TJ: Like T, but with a jitter of a factor of 1/4 of the fundamental frequency for each frequency com-

ponent at maximum. The jitter factors for each component were determined from a random distribution

once and then stored, so the waveform was the same for each stimulus presentation.

• Sch: A harmonic complex modulator with a fundamental frequency of 32 Hz and 14 harmonics with no

decay and a positive Schroeder phase π · n · (n− 1)/N [5], with n being the number of each harmonic

including the fundamental and N = 15

• Sch-2: Like Sch, but with the fundamental frequency and the first harmonic removed, N = 13

• SchJ: Like Sch, but with the harmonics jittered similar to TJ, with a maximum displacement of 1/32

The carrier signals were Gaussian noises newly generated for each stimulus interval. In case of masked mea-

surements, the noises were amplitude modulated by half octave wide noises with center frequencies between 4

and 256 Hz. The modulation depth was 0.35 plus a randomized component between 0 and 0.05. Both target

and masker modulation were added together before applying the modulation to the carrier.

The starting modulation depth of the target was set to -10 dB. To prevent overmodulation, the maximal modu-

lation depth was set to -4.5 dB. If the subject failed to detect the target modulation three times at the highest

modulation depth, the track was skipped.

4 RESULTS
4.1 Modulation detection thresholds
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Figure 2. Left panel: modulation detection thresholds (y-axis) for the seven different modulation waveforms

described in Chapter 3. Right panel: Same as left panel but with compensation for the different root mean

square values with reference to the sinusoidal modulation.
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The modulation detection thresholds for the different waveforms are shown in the left panel of Figure 2. One

may argue that the differences in the detection threshold arise from the different root mean square (RMS)

values since the modulation detection thresholds are related to the peak values of the of the target modulator

waveforms. For a comparison the difference in the RMS values with respect to the sinusoidal modulation

waveform was added to these values in the right panel of Figure 2.

This compensation shows that the difference in detection threshold observed for the sinusoidal modulator (S) and

the sawtooth-shaped modulator (T) may be mainly explained by their difference in RMS. The small increase

in detection threshold for the sawtooth without the first two frequency components (T-2) could possibly be

explained by the modulation filters limited to about 100 - 120Hz [6]. There seems to be no influence on

the detection threshold by jittering the overtone frequencies (TJ), also for the Schroeder-phase complexes the

jittering influence could be completely compensated by the RMS compensation (Sch and SchJ). This could be

an argument against a model for modulation perception based on temporal periodicity information. The detection

thresholds for all Schroeder-phase complexes are significantly higher than for the other waveforms. This could

possibly also be explained by the higher amount of modulation energy in high modulation frequencies.

4.2 Masked modulation detection thresholds
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Figure 3. Masked modulation thresholds (y-axes) for different modulation masker frequencies (x-axes). In the

upper left panel the masking pattern for the sinusoidal target modulation (S) is shown, the upper right panel

shows the patterns for the sawtooth-shapes modulator (T) and its pendant without the first two frequency compo-

nents (T-2). The lower left panel shows the pattern for the corresponding Schroeder-phase complexes (Sch and

Sch-2) and the lower right panel for the waveforms with jittered harmonics (TJ and SchJ). The numbers next

to some datapoints for the Sch-2 and SchJ waveforms show the number of skipped tracks for these conditions.
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Although some interesting observations were already made for the detection threshold, masked thresholds may

give a larger insight to processing mechanisms. These data are shown in Figure 3.

The masked thresholds for the sinusoidal target modulation (S) show similar results to those shown by Ewert

and Dau (2000) [1]. This was somehow expected and shows the validity of the experimental approach. For

a further interpretation of these data the difference between the masked threshold and the detection thresholds

without a masker will give a better insight since in these patterns only the effect of the masker modulation on

the detectability of the target modulation waveform can be observed. These patterns are shown in Figure 4.
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Figure 4. Masking patterns for the different waveforms. The representation is the same as in Figure 3.

For the sawtooth-shaped modulator (T) the pattern of the masked thresholds is similar to the one for the sinu-

soidal target which surprises a bit because the additional overtones of the modulator do not seem to influence

the overall pattern. For the sawtooth without the first two frequency components (T-2) a different pattern can

be observed. Here, the maximum masking is lower than for the previous conditions, also the maximum occurs

for a masker centered around 64Hz. For the Schroeder-phase complexes Sch and Sch-2, masking is even a

bit lower. Again, the frequency for maximum masking is shifted slightly towards higher frequencies for the

tone complex without the first two components. Like already observed for the detection thresholds in Figure

2, jittering the harmonics of the tone complexes had nearly no influence on the masking patterns. Again this

behavior would be hard to reproduce with an approach using periodicity information like a detector based on

autocorrelations would do.
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5 MODEL PREDICTIONS
The data presented in the previous chapter form a suitable basis for testing and developing models for mod-

ulation perception. For modulation perception models, in most cases the auditory periphery is not modeled.

This can lead to wrong assumptions about processing mechanisms since stages like auditory filtering, nonlinear

compression or envelope extraction have an influence on the signal arriving at the modulation filters.

A model being able to detect different target modulations has to make a "decision" based on the output from

a signal containing the target modulation and the model output from a signal without the target. In this case

this was realized by comparing the model output of these two signals. So for the detection thresholds both the

carrier and the modulated carrier were fed into the model. For the masked thresholds a signal containing masker

and target modulation and a signal containing the masker alone were processed. Depending on the difference

between these outputs the model can "detect" a signal. This difference value was the same for all signals and

was set such that if all signals are processed at the exerimentally determined detection thresholds, 50% of the

signals would be detected. The modulation depths of the target modulation were then varied around this point.

An optimal model would create a very steep psychometric function detecting 0% of the modulations for values

slightly below the detection thresholds and 100% of the signals for values slightly above the detection threshold.

The auditory frontend was the same for all approaches to process modulations. First, a 65 dB-SPL iso-loudness

based pre-filtering was applied to the signal. Further processing included a bark-spaced gammatone filterbank

[7], half-wave rectification, lowpass filtering and the "venelope" an envelope extraction based on the hilbert en-

velopes [8].

A white noise low-pass filtered at 1kHz was then added to the envelope signal to simulate internal noise. This

signal and the internal noise alone were then fed into the modulation filter stage. Afterwards the power of these

two signal is subtracted to form the output of this stage. The output values across all modulation filters for

each auditory filter are then summed up to give the final model output.

Results from the detection stage for several different realizations of implementing the modulation filter stage are

shown in Figure 5.
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Figure 5. Percentage of detected target modulations from the whole set of 84 stimuli (y-axis) as a function of

the change in modulation depth relative to the detection thresholds shown in Figure 2 and 3. The orange curve

shows the detection behavior of a model only using the 32Hz modulation filter. The violet line shows a model

using the 32Hz modulation filter or, for the T-2 and Sch-2 conditions, the 96Hz modulation filter. The blue line

shows a model using only the modulation filter with the maximum energy, the green line was obtained from

a model using energetic summation over the RMS outputs from each modulation filter and the red line used

additional information calculated from the signal derivative after passing through the modulation filters.
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All these realizations were based on the second order bandpass filters with Q = 1 suggested in a previous study

[1]. One alternative way of processing the modulations would be a single modulation filter tuned to the target’s

modulation frequency. In this study it was not quite clear to which frequency this filter should be tuned for the

conditions without the first two fundamentals (T-2 and Sch-2) since the periodicity was at 32 Hz while the first

frequency component was at 96Hz. So two approaches were tested, one being tuned to 32Hz for all conditions

and one tuned to 96Hz only for the T-2 and Sch-2 conditions. Also a model only using the modulation filter

with the highest output was realized. All three models show a rather poor performance for the complete set

of stimuli since not all conditions were detected correctly even in a very large range of +-10dB around the

measured detection thresholds.

These observations show that a single modulation filter would cut off too much information relating to the over-

tones of the target stimulus. One idea was to overcome this problem by summing up the outputs from multiple

modulation filters. Instead of a single filter a bank of 20 modulation filters logarithmicly spaced between five

and 150Hz was used for an improved model. The outputs from the filters were then energeticly summed up.

Using this implementation a much better performance was achieved, 71% of all stimuli were correctly detected

within a range of +-3dB around the detection thresholds.

Another slight improvement was made with an approach to amplify the impact of steep on- and offsets. This

was done by taking the absolute value of the differences between samples, adding them with a norm using the

power of four and then multiplying this value with the power of the filter output. This method mainly improved

the performance for the T-2 condition since here very steep onsets are found and this condition was underes-

timated by the other methods. With this modification now 82% of all stimuli were detected correctly within a

range of +-3dB. The model predictions for this approach are shown in Figure 6.
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Figure 6. Unmasked and masked detection thresholds (open symbols) and model predictions (filled symbols)

for the data shown in Figure 2 (upper left panel) and Figure 3 (all other panels)
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6 SUMMARY
Modulation masking patterns were measured for target modulations with various different modulation wave-

forms. These patterns differ a lot depending on the waveform. From these data and trying different model

approaches one may conclude that the outputs from different modulation filters have to be combined to predict

the detectability for all of these conditions. Furthermore from the observation that jittering the overtones of a

modulation waveform does not significantly change the masking patterns it can be concluded that modulation

processing is not based on autocorrelation-like temporal features.

A model being able to detect a large variety of stimuli correctly within a small range of modulation-depth

variations was implemented based on these observations. This model is based on combining the outputs from a

modulation filterbank and using additional on- and offset features from the absolute value of the signal deriva-

tive. However, the model over- or underestimates the masker influence for some stimuli and therefore further

improvements to the model could be made. Despite these small shortcomes it may deliver a hint towards

mechanisms in the auditory system involved in the processing of amplitude modulations.
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Abstract  
The paper reports on the ability of people to discriminate between broadband pink noise-based sounds that 
differ concerning the presence or absence of a peak or dip in their spectrum. Stimuli were created by damping 
or amplifying a frequency band centered around 125Hz or 2kHz of broadband pink noise with varying 
bandwidth and reduction/enhancement factor. Perception tests involving 12 human subjects show that 
spectral dips are more difficult to detect than peaks. Those tests also present significantly lower audibility 
performance for spectral changes located in the low frequency range. For subtle contrast levels, the audibility 
of the filtrated pink noise lightly increases with the sound pressure level of the presented stimulus. 
 
Keywords: Psychoacoustics, Frequency audibility, Building acoustics 

1. Introduction 
The main motivation for this experiment lies in two running project that relate to (1) subjective 

assessment of sound insulation (EU H2020 MC RISE “Papabuild” project [1]) and (2) dissertation 
project on Echolocation. In both project the same questions arise related to audibility of spectral dips 
and peaks in broadband noise. Detecting subtle spectral differences between sounds is relevant in 
architectural acoustics, for people with a visual handicap who are navigating in a space by means of 
echolocation and acoustic recognition. Assessment of spectral differences is also relevant in a room 
and building acoustics context, respectively in the framework of interpreting just noticeable 
differences in colour of sound reflection from interior surfaces; and in the judgment of sound 
transmission spectra that differ due to subtle sound insulation deteriorations or improvements of walls. 
The following experiment was performed as a pilot study prior to next more detailed research in this 
topic. 

2. Listening test experiment 

2.1 Participants 
A group of 12 sighted people, composed by 7 males and 5 females, between 18 and 55 years old, 

participated at the listening test experiments. They had been informed in advance about the purpose of 
the experiment, however without knowing the specifics of the presented stimuli. Most of the subjects 
performed a listening test for a first time and none of them was an expert in acoustics. The participants 
were volunteers and no financial of other compensation was given to them. The subjects’ hearing was 
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tested from 250 Hz to 8 kHz using a screening audiometer AS7 (Kampler®). Only participants having 
a hearing threshold smaller than 20 dB (Hearing Level) were asked to participate in the psychoacoustic 
2 Alternative Forced-Choice (2AFC) test. Every participant had given informal consent to perform this 
experiment and use its material for research purposes. This research has been approved by the Social 
and Societal Ethics Committee of KU Leuven (SMEC) [2].  

2.2 Apparatus 
The listening tests were carried out in a 125 m3 semi-anechoic chamber and presented to one person 

at a time, after being instructed about the task procedure, and without prior training. The listening tests 
were conducted making use of a Scarlett 6i6 (Focusrite®) soundcard broadcasting sound samples via 
SPDIF to a listening unit HPS IV (Head Acoustics®). High-quality open headphones HA II.1 
(HeadAcoustics®) were used to present the audio stimuli. The sound devices were set with a sampling 
frequency of 48 kHz and a bit resolution of 16 bits.  

2.3 Stimuli  
The stimuli were based on pink noise reference signal of 1 second duration, sinusoidally faded 

during 200 ms. Different variations were synthesized by increasing or decreasing the level of the 
spectrum with different amounts across a rectangular window with different widths. Two central 
frequencies were studied, 125 Hz and 2 kHz. In the following, these are referred to as ‘low’ and ‘high’ 
central frequencies respectively. For each of these, 5 bandwidths were compared, from 2 to 16 
semitones for the low central frequency, and from 1 to 12 semitones for the high central frequency, as 
presented in Figure 1. The modified bandwidth range was chosen more narrow for the high central 
frequency in view of expectations that peoples hearing sensitivity is larger around 2kHz than around 
125Hz. The level changes were -1, -3, -6, -12 dB (A-weighed) for spectral dips and +1, +2, +3, +6 dB 
(A-weighed) for spectral peaks. 

 

Figure 1. Applied filter functions containing rectangular peaks (a, b) and dips (c, d), centered around 125 Hz 

(a, c) and 2 kHz (b, d). The widest filters with the largest contrast are represented in red. The narrowest filters 

with the smallest contrast are displayed in blue. The others are depicted in different shades of grey. 
 
The stimuli were presented at two sound pressure levels, respectively 35 dB (A-weighed) and 50 dB 

(A-weighed), being calibrated with a head and torso simulator HMS III (HeadAcoustics®). We refer to 
these levels as ‘low’ and ‘medium’ respectively. A total of 80 different stimuli were generated, 
corresponding to 2 presentation levels, 2 central frequencies, 4 filter contrast, 5 bandwidths; and 
presented twice in random order.  
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2.4 Task and procedure 
The listening test was of ABX-type, i.e. a psychoacoustic method 2AFC [3] experiment presenting 

3 signals respectively named A, B and X, with A and B being 2 different signals and X randomly equal 
to one of the others. A and B were set either to the reference signal or to one of the filtered pink noise 
signals. The listener was asked to answer whether X was equal to stimulus A or stimulus B. This type 
of psychoacoustic test has a guessing limit of 50 %. The more the correct answering performance is 
above 50%, the higher is the detectability of the tested filter feature. The listening test was presented 
using a custom graphical user interface in Matlab® displayed on a computer screen. The participant 
could select his or her answer using a keyboard or using a low noise producing mouse (M220 
Logitech®). The keyboard shortcuts were pre-programmed and not modifiable by the user during the 
test. No instructions were given to the participants regarding the order and the number of stimuli. 
However, they were advised to not spend more than 2 minutes on a single comparison. The experiment 
was split into 4 tests: dips and peaks were presented in separate tests, with a further division for the 
presentation level: 35 dB (A-weighed) and 50 dB (A-weighed). The order of presentation of those tests 
was randomly assigned by the listening test software. The impressions of the participants were asked 
after every test in order to fix a small resting time between every test and thus help people to perform 
without fatigue. A 10 minutes break was offered to the participants in the middle of their session for 
the same purpose. The average duration of the sessions was about 1 hour and 25 minutes, though this 
strongly varied between participants. 

3. RESULTS AND DISCUSSION 
Analysis of results was performed using statistical method ANOVA - repeated measures, with the 

goal of assessing the degree of audibility of spectral dips and peaks with different filter contrast levels 
and widths, for the two central frequencies 125 Hz and 2 kHz, and for different presentation levels, 35 
dB (A-weighed) and 50 dB (A-weighed). 

Figure 2 and 4 (peaks) and Figures 3 and 5 (dips) show that people’s performance to detect dips 
and peaks is significantly better when those are centered around 2 kHz than around 125 Hz (p = 0), 
with detection thresholds less than or of the order of 1 and 3 dB contrast respectively. This can be 
explained by the better hearing sensitivity of people around 2 kHz and infers that when room acoustic 
adaptations are made in an architectural context with the aim of adding acoustically salient features in 
order for blind people to recognize specific objects by echo-recognition, best is to focus on spectral 
modifications at not too low frequencies [4]. The lower audibility of spectral details around 125 Hz 
also suggests that efforts to improve the acoustic insulation of walls are more effective when aimed at 
the higher part of the spectrum [5, 6]. Equivalent results were made on recent research on human 
echolocation, claiming better obstacle detection in the high frequency range, from 3.5 to 4.5 kHz [7], 
entailing a better sensitivity of their users to high frequency content. 

Comparing the audibility of dips and peaks for the same absolute value of the filter contrast, the 
peaks are found to be more easily identifiable than the dips (p = 0). This finding implies that in the 
framework of adding acoustic markers to items in spaces with the goal of letting them being detected 
by echo-recognition, best is to implement objects with a peak in their reflection spectrum rather than a 
dip. 

For the smallest contrast levels, the performance is slightly better for sounds presented at 50 dB 
(A-weighed) compared to 35 dB (A-weighed) (p = 0.039). The average score for the lower contrast 
levels tends to improve with increasing width of the dips and peaks. However, interestingly, this trend 
is not always monotonic: for a central frequency of 125Hz and for several contrast levels, the most 
narrow peaks and dips are detected more often than the wider ones. 

 

5858



 

 

 

Figure 2. Audibility of filtered pink noise as a function of the width and contrast of a spectral peak for 2 

sound pressure levels of 35 dBA (a, b) and 50 dBA (c, d) and 2 central frequencies: 125 Hz (a, c) and 2 kHz (b, 

d) tested on 12 sighted people. The level of accuracy corresponding to the 50% guessing limit is represented 

by the dashed line. 

 

Figure 3. Audibility of filtered pink noise as a function of the width and contrast of a spectral dip for 2 sound 

pressure levels: 35 dBA (a, b) and 50 dBA (c, d) and 2 central frequencies: 125 Hz (a, c) and 2 kHz (b, d) 

tested on 12 sighted people. The level of accuracy corresponding to the guessing limit (50%) is represented 

with a dashed line. 
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Figure 4. Audibility of filtered pink noise as a function of the contrast and width of a spectral peak for 2 

sound pressure levels of 35 dBA (a, b) and 50 dBA (c, d) and 2 central frequencies: 125 Hz (a, c) and 2 kHz (b, 

d) tested on 12 sighted people. The level of accuracy corresponding to the 50% guessing limit is represented 

by the dashed line. 

 

Figure 5. Audibility of filtered pink noise as a function of the contrast and width of a spectral dip for 2 sound 

pressure levels: 35 dBA (a, b) and 50 dBA (c, d) and 2 central frequencies: 125 Hz (a, c) and 2 kHz (b, d) 

tested on 12 sighted people. The level of accuracy corresponding to the guessing limit (50%) is represented 

with a dashed line. 
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Abstract
Multilingualization of voice guidance is necessary for international passenger facilities and world famous

tourist sites. When the voice guidance is provided by public address systems, normally the same content is
sequentially broadcasted in several languages. The authors are advancing a challenging project to shorten the
required time by simultaneously broadcasting all of the guidances. In this paper, as a basic study, a listening
test on word intelligibility of multi-talker voice guidance was performed to clarify effects of length of carrier
phrase. The target stimulus consisted of two different Japanese words by two different talkers which were
simultaneously reproduced. The task of the listener was to answer both of the two words. As a carrier phrase,
other Japanese words spoken by the two talkers were sequentially reproduced prior to the target stimulus. The
carrier phrase and the target stimulus were presented from a loudspeaker installed in front of the listener. The
parameters of the test were length of the carrier phrase and combination of pitches of the two talkers’ voices.
As a result, the length of the carrier phrase tended to affect the word intelligibility scores. However, the slope of
the score with respect to the length widely varied from positive to negative depending on the test parameters.
Keywords: Multilingualization, Voice guidance, Cocktail party effect

1 INTRODUCTION
In places full of international visitors, such as transport hubs, cosmopolitan cities, and world famous tourist

sites, multilingual voice guidance is provided. When the voice guidance is provided by public address systems,
normally the same content is sequentially broadcasted in several languages. However, the required time to finish
the guidance for all languages is very long and the user have to wait a turn of his/her mother language.

Based on the idea that release from masking by the cocktail party effect (1) can be a solution for this prob-
lem, the authors are advancing a challenging project to shorten the required time by simultaneously broadcasting
all of the guidances.

The cocktail party effect is often treated as one of the advantages of binaural listening. It is known that
spatial release from masking increases the intelligibility of target speech when the target speech and the masker
come from different directions. For examples, Duquesnoy (2) reported that when both the target and the masker
were speech, a Speech Recognition Threshold (SRT) improvement of about 6 dB was observed by changing the
directions of the target and the masker. Hawley et al. (3) conducted experiments using multi-talker maskers and
also reported that there was an improvement in SRT of 6 to 7 dB by spatial release from masking.

On factors other than spatial release from masking that affect the segregation of multi-talker speech, there are
several researches that investigated the effects of similarity between the target and the maskers. With regard to
the difference in the fundamental frequency or pitch, Festen and Plomp (4) and Brungart et al. (5) reported that
the intelligibility of the target speech was clearly improved when the gender of the target talker was different
from that of the masker talker. On the linguistic difference between the target and the maskers that should

∗hayato@kobe-u.ac.jp

5862



be taken into consideration in our project, van Engen and Bradlow (6) and Calandruccio et al. (7) reported
that the intelligibility of the target speech increased when the language of the target was different from that
of the masker, in severe listening conditions (for example, when the sound pressure level of the masker was
larger than that of the target). It should be noted that, as Mattys et al. (8) and Brouwer et al. (9) pointed out,
which of acoustic similarity or linguistic similarity dominantly affect the intelligibility depends on the listener’s
proficiency on the target or the masker language.

Furthermore, it is known that the uncertainty or familiarity of the target and the masker also affects the
intelligibility in multi-talker situations. Brungart and Simpson (10) compared the intelligibility when the talker
or the content of masker speech were fixed and when they were random, and reported that the intelligibility
scores for the fixed conditions were higher than those for the random conditions especially when the content
was fixed. Nygaard and Pisoni (11) reported that the word intelligibility score was increased by training sessions
to familiarize the utterance of the talker of the target word, and the training using sentences was more effective
than that using words. Jonsrude et al. (12) reported that the intelligibility was higher when either the target or
the masker was the spouse’s voice than when both the target and the masker were unfamiliar voices, although
the improvement was smaller when the spouse’s voice was the masker than when it was the target.

As described above, many factors need to be considered in order to optimize multilingual simultaneous voice
guidance. Considering the above-mentioned past studies, a multi-loudspeaker system will be the most effective
to multilingual simultaneous voice guidance, because it can utilize spatial release of masking which is assumed
to have the largest effect on the intelligibility in multi-talker situations. However, considering that the guidance
is provided to a number of unspecified listeners scattered in the space, it is desirable to be able to keep a high
intelligibility as much as possible even when the guidance is provided from a single loudspeaker because the
degree of spatial release of masking depends on the position and orientation of the listener. Therefore, in the
present study, a simple system using a single loudspeaker was investigated as a basic study.

The purpose of the present study is to investigate methods to improve the intelligibility of multilingual
simultaneous voice guidance using a single loudspeaker system. Specifically, a method of providing the target
talker’s speech as the carrier phrase just before the target speech was investigated. The past studies (11) (12)
showed that relatively long-term learning of target speech features increased the intelligibility, however, it is
unclear whether the increase can be obtained by listening the target taker’s speech just before the target. The
length of the carrier phrase and the gender of the talker, which were expected from the past studies to affect
the intelligibility, were used as the parameters of the listening test.

In the case of using multi-language speech materials as test stimuli, it is necessary to design complicated
experimental conditions in order to investigate the effect of the listener’s proficiency on the target/masker lan-
guage and the effect of the combination among languages. Here, to simplify the purpose of the study, only
the condition considered the most severe that both the target and the masker language are the listener’s mother
language was tested. In this case, since the listener can not distinguish which speech stimulus is the target or
the masker, the listener was asked to answer both of them.

2 METHOD
2.1 Test words

240 Japanese words were used as test words. Test words were selected from the FW03 word list (13) to be
most familiar to young adults. Each test word has 4 syllables. Test words were spoken by two female talkers
(fhi and fto) and a male talker (mya), and recorded in an anechoic room. The fundamental frequencies averaged
over 10 sampled words were 262 Hz, 253 Hz, and 145 Hz for the talkers of fhi, fto, and mya, respectively.

2.2 Stimuli and test conditions
Each stimulus was consisted of a carrier phrase (or sound) and two target words as shown in Fig. 1. The

carrier phrase was consisted of several words sequentially spoken by two different talkers. The target stimulus
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Figure 1. Example of temporal pattern of stimulus (carrier phrase: 2 talkers × 2 words).

was two different words simultaneously spoken by the two different talkers who were the same as those for
the carrier phrase. In order to analyze effects of pre-listening the voices of talkers for the target stimulus, a
steady-state speech-like noise was used as a carrier sound. The spectrum of noise was determined using Eq. 1.

SN( f ) =
S f hi( f )

4
+

S f to( f )
4

+
Smya( f )

2
, (1)

where, SN( f ), S f hi( f ), S f to( f ), and Smya( f ) are long-time average spectra for the carrier noise, the test words
spoken by fhi, fto, and mya for the frequency of f, respectively. The length of the noise was set to the average
length of 4 test words (3.3 s). The interval between the carrier phrase (sound) and the target stimulus was 1 s.
The equivalent continuous A-weighted sound pressure level for each word and that for the noise were set to be
65 dB.

Table1 shows test conditions used in the present study. Test parameters were the length of carrier sound
(2, 4, and 6 words), the type of carrier sound (speech and noise), and the combination of talkers (fhi–fto and
fhi–mya).

Table 1. Test conditions

Condition Carrier 1 Carrier 2 Target
1 fhi: 1 word fto: 1 word fhi + fto
2 fhi: 2 words fto: 2 words fhi + fto
3 fhi: 3 words fto: 3 words fhi + fto
4 noise (4 words length) fhi + fto
5 fhi: 1 word mya: 1 word fhi + mya
6 fhi: 2 words mya: 2 words fhi + mya
7 fhi: 3 words mya: 3 words fhi + mya
8 noise (4 words length) fhi + mya

2.3 Participants
16 young adults participated in the listening test. They were university students in their twenties. The results

of pure-tone audiometry show that all participants had normal hearing sensitivity.

2.4 Procedures
160 test words were used as the target words, and the rest 80 test words were used to construct the carrier

phrase. Each participant listened to 10 stimuli per condition, in other words, a total of 80 stimuli. Each target
test word was presented to the same participant only once, while the words for the carrier phrase were presented
twice. The combinations of the test conditions and the target words were different for each participant. All of
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the target words were presented once for each condition after 16 participants finished the listening test. The
listening test was divided into 5 sessions to listen to 16 stimuli. The stimuli were presented in random order.

The stimulus was presented from a loudspeaker (Eclipse, TD508II) at a distance of 1.5 m in front of the
participant in an anechoic room. Each participant was asked to take dictation of both of the target words as they
listened using katakana characters (Japanese phonograms). Before the listening test, each participant listened to
8 stimuli which consisted of words other than the 240 test words as an exercise.

3 RESULTS AND DISCUSSION
Word intelligibility scores for each conditions were obtained from the collective results of the listening test

for all participants. This means that the number of samples for each condition was 160. The word intelligibility
score is the percentage of the target words written down correctly.

3.1 Similar pitch conditions
Figure 2 shows the results for the conditions 1–4, where the target words were spoken by fhi and fto, in

other words, the two target words had a similar pitch. The x-axis of Fig. 2 represents the carrier phrase/sound
for each condition. For example, the label “4 words” corresponds to the condition 2 where the carrier phrase
consists of 2 words by fhi and 2 words by fto. Table 2 shows p-values obtained by Chi-squared tests between
the scores.

The scores of fto were higher than those of fhi in all conditions. The p-values of Chi-squared test between
the scores of fhi and fto for the conditions 3 and 4 were 0.058 and 0.089 respectively, and they were almost
statistically significant. Considering that there was a difference in the scores even under the condition 4 where
the noise was presented instead of the carrier phrase, the interference between the voices of fhi and fto seemed
to be asymmetry regardless of whether or not the listeners had listened to the voices in advance. In order to
clarify the cause of this difference, a detailed analysis of speech stimuli is required, but it is beyond the scope
of the present study and not be done here.

The score tended to increase as the length of the carrier phrase increased. In the case of fhi, the increase
was only 3 percent points, and the p-values did not show statistical significance. In the case of fto, the increase
was slightly large at 8 percent points, and the p-value between the conditions 1 and 3 (between the carrier
phrase of 2 words and that of 6 words) was 0.08. The effect size (Cohen’s h) for the comparison between
the conditions 1 and 3 was 0.198, and this means that one can expect that the length of the carrier phrase
causes a small difference of the scores. However, the difference can not be detected as a statistically significant
difference because of the small number of samples in the present study. The difference in the effect of the
carrier phrase length between fhi and fto can be explained by the temporal position of fto’s voice in the carrier
phrase: While the fto carrier phrase was always adjacent to the target words, the fhi carrier phrase was more
widely separated from the target words under longer carrier phrase conditions. It is likely that the listeners
could pay attention to the voice of fto quickly by using the fresh image of the voice in their working memory,
and this caused relatively large amount of informational masking release.

It should be noted that the scores of fto in the condition 4 was higher than that in the condition 1, although
the p-value between them was 0.231. This implies that information included in the carrier phrase may degrade
the scores in some cases.

3.2 Different pitch conditions
Figure 3 shows the results for the conditions 5–8, where the target words were spoken by fhi and mya, in

other words, the two target words had a difference in pitch. Table 3 shows p-values obtained by Chi-squared
tests between the scores.

The differences between scores of fhi and mya were not significant in all conditions. The scores ranged from
81% to 88%, and they were higher than the similar pitch conditions shown in Fig. 2. Table 4 shows p-values
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Figure 2. Word intelligibility scores for each target stimulus in the conditions 1–4.

Table 2. The results (p-value) of Chi-squared tests for conditions 1–4.

(a) Between talkers
Condition

1 2 3 4
0.453 0.157 0.058 0.089

(b) Between conditions

Talker Pair of conditions
1–2 1–3 1–4 2–3 2–4 3-4

fhi 0.902 0.533 0.805 0.617 0.901 0.706
fto 0.431 0.077 0.231 0.325 0.680 0.567

obtained by Chi-squared tests between the scores of fhi for each carrier phrase/sound. Except the case that the
carrier phrase was 6 words, the scores of fhi in the different pitch conditions were significantly higher than
those in the similar pitch conditions (p<0.05). This result can be explained by informational masking release
due to the difference in pitch between competing voices.

The score tended to decrease as the length of the career phrase increased, although the p-values did not
show statistical significance. This tendency was rather apparent for fhi, and the p-value between the conditions
5 and 7 was 0.124. It is curious that this tendency was opposite to the similar pitch conditions. As mentioned
in the previous section, this result implies that the carrier phrase used in this study had the useful effect while
it also had the detrimental effect on the scores. A possible explanation for these results is as follows. The
carrier phrase was a sequence of irrelevant words and its content changed with each presentation. Although
the listeners were not asked to memorize the carrier phrase, this feature might have increased the listener’s
working memory load and consequently decreased the scores. In the different pitch conditions, the listeners
could easily segregate the two target words so that the useful effect of the carrier phrase was disappeared while
the detrimental effect remained.

Table 3. The results (p-value) of Chi-squared tests for conditions 5–8.

(a) Between talkers
Condition

5 6 7 8
0.741 0.652 0.459 0.636

(b) Between conditions

Talker Pair of conditions
5–6 5–7 5–8 6–7 6–8 7–8

fhi 0.210 0.124 0.741 0.772 0.356 0.225
mya 0.636 0.636 0.636 1.000 1.000 1.000
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Figure 3. Word intelligibility scores for each target stimulus in the conditions 5–8.

Table 4. The results (p-value) of Chi-squared tests between the scores of fhi in the similar pitch conditions and
those in the different pitch conditions for each carrier phrase/sound.

Carrier phrase/sound
2 words 4 words 6 words Noise
<0.001 0.017 0.108 0.002

3.3 Toward applying the carrier phrase to multi-talker broadcast
The results obtained in the present study suggested that the carrier phrase may have both useful and detri-

mental effects on the intelligibility of the target multi-talker speech. The longer the carrier phrase, the stronger
the useful effect, meanwhile, however, the interval from the carrier phrase to the target speech also affected.
Therefore, there is room for optimization as to how to arrange each talker’s voice in the time axis. With regard
to the detrimental effect, it is necessary not to increase the working memory load of the listener as much as
possible. For example, using the fixed carrier phrase without critical information every time to decrease uncer-
tainty may be a reasonable solution. Although the increase in intelligibility by the carrier phrase in the present
study was small, if it was the result that the useful and detrimental effects were offset, it can be expected that
the intelligibility will further increase by optimization.

4 CONCLUSIONS
As a basic study toward realizing multilingual simultaneous voice guidance, the effect of carrier phrase

on multi-talker speech was investigated using a word intelligibility test. The target stimulus consisted of two
different Japanese words by two different talkers which were simultaneously reproduced. The task of the listener
was to answer both of the two words. The carrier phrase consisted of the two talkers’ voices. The parameters of
the test were length of the carrier phrase and combination of pitch of the talker’s voice. The results suggested
the following conclusions.

(1) The length of the carrier phrase tended to affect the word intelligibility scores. However, the slope of the
score with respect to the length varied from positive to negative depending on the test parameters.

(2) From (1), information contained in the carrier phrase may have both useful and detrimental effects on
word intelligibility scores. In order to optimize the carrier phrase so that only useful effects can be
obtained, further studies are required focusing on each parameter of the carrier phrase such as length,
difference in pitch between talkers’ voices, order of each talker’s voice, uncertainty of contents.
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ABSTRACT 
To develop advanced multimedia communications systems, understanding how humans perceive reality from 
the media presented by the systems is important. Various indexes can be used to evaluate the sense of reality. 
While the sense of presence is an evaluation index that includes background information, the sense of 
verisimilitude focuses on foreground information. By adding appropriate sensory information related to the 
foreground or background components, these perceptual realities can be enhanced. Based on this concept, we 
investigated the effect of vibration information added to audio-visual content. In this study, vibration 
information was generated from a sound that included rich information about the content. We generated nine 
vibration types by adjusting the cutoff frequency and the carrier frequency of the sound. The results showed 
that higher verisimilitude was observed when vibration closely connected to foreground components was 
added to a scene. Moreover, under this condition, the sense of presence was hardly affected even when the 
vibration was added to the content. These results suggest that enhancing realism is possible by artificially 
generating vibrations from sound if the auditory signal is appropriately processed. 
 
Keywords: Multimodal perception, Perceived reality, Full-body vibration, Sense of presence, Sense of 
verisimilitude 

1. INTRODUCTION 
With the advancement of information technology during recent years, there is an increased demand 

for advanced multimedia systems that enable users to easily share a “sense of being in another space” 
and “sense of having a true experience.” To realize such advanced systems, not only the effect of 
audiovisual information, but also that of other sensory information, such as touch, smell, and vibration, 
should be considered and effectively used. Thus, it is important to understand how humans perceive 
reality from multisensory information.

                                                        
1 shota.abe.r4@dc.tohoku.ac.jp 
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We investigated the contribution of full-body vibration on the perceived reality of multisensory 
content [1,2]. In our previous study, we examined how the vibration intensity affects perceived reality 
from multisensory content [3]. As perceived reality indexes, the senses of presence and verisimilitude 
[4,5] were measured. The sense of presence is defined as the subjective experience of being in one 
place or environment when one is physically situated in another place. Because this sense mainly 
concerns the place where the observers are present,  the sense of presence is an evaluation index that 
includes background information. On the other hand, the sense of verisimilitude is defined as the 
trueness of appearance and quality of the presented objects ; it is an evaluation index that focuses on 
foreground information.  Results have showed that the sense of presence monotonically increases 
with an increase in vibration intensity up to a value which is much higher than the natural level. This 
tendency is also observed for other physical parameters; e.g., view angle and sound pressure level 
[6,7]. In contrast, the level of the sense of verisimilitude saturates at an intensity near the natural value. 
Thus, these results indicated that the senses of presence and verisimilitude have different 
characteristics, suggesting that enhancing both senses would be important for creating a natural and 
realistic virtual reality environment. 

Although full-body vibration is useful to enhance the perceived reality, it is difficult to obtain 
appropriate vibration information. Nearly all media content which people can easily obtain includes 
only audio-visual information. Moreover, to measure actual vibration information of the scene, special 
equipment has to be installed at the recording environment. However, it is quite difficult to measure 
actual vibration information at the contents. Therefore, in order to add effective vibration information 
to the contents, it is necessary to create vibration information from other sensory information. Because 
sound information is closely related to vibration information, some researchers have proposed 
methods of generating vibration from sound [9, 10]. One of these methods is to extract low frequency 
components of the audio signal as vibration information. The result showed that generated vibration 
can enhance the perceived reality. However, it is still unknown which characteristics of generated 
vibration strongly affect perceived reality. It is likely that the effect of vibration characteristic s on the 
sense of presence is different from that on the sense of verisimilitude because the senses of presen ce 
and verisimilitude have different perceptual characteristics. Previous studies have suggested that the 
temporal characteristic of amplitude and the frequency of generated vibration affect perceived reality 
[9,11]. Therefore, in this study, we investigated how these parameters are related to the senses of 
presence and verisimilitude perceived from the content.      

2. Experiment 

2.1 Stimulus 
As an experimental stimulus, a moving picture 180 s in duration was cut from recorded material 

consisting of high-definition(HD) video, binaural stereo sound, and vibrations of a basketball game 
scene (3-on-3 play). Fig.1 shows a scene of the recording. Full HD video cameras (AG-3DA1, 
Panasonic Inc.) a dummy head (SAMRAI, Koken Co., Ltd.), and a vibration meter using a 
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piezoelectric accelerometer (VM-80, RION Co., Ltd.) were set up at the recording position as 
recording equipment.  Fig. 2 shows the schema of the recording environment, including the location 
of the audio-visual recording equipment and accelerometer. In the figure, the size and location of the 
game area are drawn. The three-dimensional(3D) spatial sound was binaurally recorded via two 
microphones (4101, Brüel & Kjær) inside the two ears of the dummy head. The outputs of the binaural 
microphones were connected to the audio inputs of the digital video camera via an amplifier (2639, 
Brüel & Kjær). The sampling frequency of the binaural signals was 48 kHz. The quantization 
resolution was 16 bit. The accelerometer was fixed on the floor. The accelerometer and microphones 
outputs were connected to an analog-to-digital (AD) converter (ONOSOKKI, DS-0264). The vibration 
and sound signals were synchronously recorded to a PC. With this signal, the recorded vibration and 
audio-visual content was synchronized. After the recording, we edited the video, sound, and ground 
vibration to create a multisensory content to be used as the stimulus. 

For the vibration stimulus during the experiment, we used the signal at frequencies lower than 
70 Hz, because of the upper limit of the frequency characteristics, to reflect human sensitivity for the 
vibration defined in ISO 2631-1 (1997) [12], as well as the playback performance of the motion 
platform (D-BOX, D-BOX Mastering Motion). To produce the vibration information used for the 
“original vibration condition” as a reference condition, the sensed -vibration signal was presented via 
the motion platform after a low-pass filter (FIR filter, 128th-order) at a cutoff frequency of 70 Hz was 
applied. 

To use the temporal characteristic of amplitude as the parameter, the cutoff frequency of the low 
pass filters was changed when artificially generated vibrations were converted from the auditory 
signal. We generated the vibration conditions via the process shown in Fig.3. First, the binaural signal 
recorded by the dummy head was averaged to obtain a monophonic signal. Low-pass filters (FIR filter, 
128th-order) at cutoff frequencies of 30, 70, and 200 Hz were applied to this signal. These synthesized 
signals were differentiated twice to convert to vibration acceleration.  To extract the temporal 
fluctuation of the amplitude of the synthesized vibration acceleration, an 8 Hz low-pass filter (FIR 
filter, 128th-order) was applied to the acceleration after applying half-wave rectification. As a carrier 
signal of the vibration acceleration, sine waves at a frequency of 20, 40, or 60 Hz were used and 
multiplied to the extracted vibration acceleration envelope. The synthesized vibrations levels were 
equalized to those of the original vibration in terms of the vibration level, resulting in vibration levels 
of 84.5 dB for all conditions. 

The nine conditions previously described are referred to as the Fc30 Cf20, Fc30 Cf40, Fc30 Cf60, 
Fc70 Cf20, Fc70 Cf40, Fc70 Cf60, Fc200 Cf20, Fc200 Cf40, and Fc200 Cf60 conditions. In addition 
to these nine conditions, the original condition was added as a reference condition. Consequently, the 
experiment was conducted under 10 conditions in total.  

 

2.2 Observers 
In this experiment, 18 healthy adults with normal or corrected-normal vision and normal hearing 

(10 male, 8 female, mean age = 21.8 years, SD = 1.6) participated. They were divided into two groups 

Figure 3: Schematic diagram of signal processing  

5871



 

 

one to judge the sense of presence and the other to judge the sense of verisimilitude. Both the 
sense-of-presence group and the sense-of-verisimilitude group consisted of five males and four 
females. All observers were right-handed. 
 

2.3 Experimental Setup 
Fig.4 shows the experimental setup. All experiments were conducted in a soundproof room. The 

observers were asked to stand directly on the motion platform and observe the video. The visual  
stimulus (resolution: 1920 × 1080 pixels, frame rate: 30 fps) was presented using a Digital Light 
Processing (DLP) projector (PDG-DHT100JL, SANYO Co. Ltd.) on a screen (Stewart Sound Screen) 
set 2.5 m in front of the observer. The field of horizontal view was 90 degrees. The audio stimulus was 
presented at the same sound pressure level, that is equal to that at the time of measurement, binaurally 
via headphones (HDA-200, Sennheiser Electronic).  The equivalent A-weighted sound pressure 
level(LAeq) was approximately 60 dB. The full-body vibration stimulus was provided via a motion 
platform (D-BOX Mastering Motion). Only one degree of freedom (1DOF) of vibration (in the 
perpendicular direction) was presented during the experiment.  In addition, a throttle lever controller 
(Throttle Quadrant, SAITEK) was attached on the right-hand side of the observers. The controller 
smoothly moved only in the vertical direction, and it was also possible to hold the lever in a stationary 
position. The movable range was from 0 to 90 degrees and the minimum movable angle was 
0.5 degrees. 

2.4 Experimental Procedure 
As previously mentioned, we set 10 vibration conditions: the lowpass filtered (Fc = 70 Hz) measured 
vibration (original vibration condition) and nine artificially generated vibration conditions. The 
presentation of these 10 conditions was randomized for each observer. To avoid misunderstanding of 
the senses of presence and verisimilitude, we showed the observers the definitions of these terms as 
follows: 

     Sense of presence: the sensation of feeling like you are there 
     Sense of verisimilitude: the sensation of feeling that what you see looks real  
These definitions were similar to those provided to the observers in our earlier studies [4]. To 

investigate the temporal characteristic of the two senses, we asked the observers to continuously report  
their perceived magnitude of presence or verisimilitude, depending on the group that the observers  
belonged to, over the entire presentation, with the flow. as follows: At the beginning, the fixation point 
was shown on the screen set in front of the observers. Thereafter, one of the 10 experimental stimuli 
was presented for 180 seconds. Observers were asked to quantify the sense of presence or 
verisimilitude in real time, using the throttle lever. Observers were asked to relate the maximum angle 

Figure 4 Experimental setup 
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to the maximum quantity of presence/verisimilitude that observers experienced in daily life, and the 
minimum angle to the condition in which observers did not feel any sense of presence/verisimilitude at 
all. After each trial, observers were also requested to rate the overall sense of presence or 
verisimilitude on a scale from 0 (low) to 6 (high). Each observer participated in only one session, 
rating either the sense of presence or the sense of verisimilitude (1 × 10 vibration conditions), and each 
vibration condition was randomly presented for each observer. 

3. Results 

3.1 Change in each sense of reality over time 
Fig. 5 shows the mean values of the senses of presence and verisimilitude as a function of time for 

all observers for each of the stimuli. Although there were small differences in the evaluation scores 
among all the conditions for the sense of presence, the differences in the evaluation scores for the sense 
of verisimilitude were large among the various conditions. Fig.6 shows the average evaluation scores 
during one stimulus presentation for each of the ten vibration conditions for the two senses.  
Comparing the difference in the evaluation scores between each condition, while there was a large 
difference for the sense of verisimilitude, there was a smaller difference for the sense of presence than 
that for the sense of verisimilitude. For the sense of presence, the evaluation scores of the Fc200 and 
Cf20 conditions scored as high as the original condition. On the other hand, for the sense of 
verisimilitude, only two artificially generated vibration conditions scored as high as the original 
condition. Moreover, the evaluation scores of all Fc conditions decreased along with a decrease in the 
cutoff frequency. 

To analyze the relationship between the cutoff frequency and the carrier frequency of the 
artificially generated vibration, the two-way ANOVA was separately conducted for the sense of 
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presence and the sense of verisimilitude with the three Fc conditions and the three Cf conditions as the 
factor. Results for the sense of presence show no significant differences in the main effects of the Cf 
and Fc conditions and interaction. On the other hand, a significant difference (F(8, 16) = 15.9, p < .005) 
was observed in the main effects of the Fc conditions for the sense of verisimilitude, while there was 
no significant difference in the main effects of Cf conditions and interaction. The results of the 
multiple comparisons (Ryan's method, p < .05) on the main effects of the Fc conditions showed that the 
evaluation scores of the Fc70 and Fc200 conditions are statistically significantly higher than those of 
the Fc30 conditions for the sense of verisimilitude. These results indicate that the temporal 
characteristic of amplitude and frequency of the artificially generated vibration did not appreciably 
affect the evaluation score of the sense of presence. However, for the sense of verisimilitude, the 
temporal characteristics of amplitude affected the evaluation score and it is necessary to choose an 

appropriate cutoff frequency when vibration is generated artificially from sound. 

3.2 Overall evaluation of each sense after viewing 
Fig. 7 shows the overall evaluation scores in terms of the sense of presence and verisimilitude after 

viewing the stimulus. The evaluated scores trends for the sense of presence and verisimilitude, which 
occur as cutoff frequency increases, are similar to those observed for the evaluation scores during the 
presentation (Fig. 6). To analyze the relationship between the cutoff frequency and carrier frequency 
of the generated vibration, the two-way ANOVA was separately conducted for the sense of presence 
and the sense of verisimilitude with the three Fc conditions and the three Cf conditions as the factors. 
Results for the sense of presence show no significant differences in the main effects of the Cf and Fc 
conditions and interaction, while a significant difference (F(8, 16) = 18.1, p < .005) was observed in the 
main effects of the Fc conditions for the sense of verisimilitude. There was no significant difference in 
the main effects of the Cf conditions and interaction. The results of the multiple comparisons (Ryan's  
method, p < .05) on the main effects of the Fc conditions showed that the evaluation scores of Fc70 and 
Fc200 conditions are statistically significantly higher than those of the Fc30 conditions. These results 
indicate that the tendency of evaluation scores during the presentation remined similar to that of the 
overall scores after viewing. 

4. Discussion 
In this study, we investigated how the temporal characteristic of amplitude and the frequency 

spectrum of a generated vibration are related to the senses of presence and verisimilitude perceived 
from the content. The results showed that there is a significant difference between the Fc30 condition 
and the Fc70 and Fc200 conditions for the sense of verisimilitude. This result clearly shows that the 
temporal characteristic of amplitude should be considered when vibration is artificially generated from 
sound. Since the sense of verisimilitude is an evaluation index that focuses on foreground information, 
this result suggests that the vibration of the Fc30 condition might not have been appropriately 
presented with the foreground component in the scene. The main foreground component of this content 
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is a basketball because the most important object in a scene is likely to attract attention [13]. The sound 
information from the bouncing basketball has a frequency above approximately 50 Hz. Thus, for the 
Fc30 conditions, there was no vibration information when the basketball was bouncing. Additionally, 
for the sense of verisimilitude, the evaluation scores of some Fc200 conditions seem to have exceeded 
those of the Fc70 conditions. Calculating the vibration levels of each Fc condition when the basketball 
was bouncing, there were differences of approximately 3 dB among the three Fc conditions. This may 
indicate that presenting a relatively larger vibration with the foreground component compared to that 
of the background component in the scene leads to higher evaluation scores for the sense of 
verisimilitude.   

For the Fc200 Cf60 condition, although the temporal characteristic of amplitude is the same as 
under the Fc200 Cf20 and Fc200 Cf40 conditions, the evaluation scores seem to be lower than in the 
latter. These results showed the frequencies of the artificially generated vibration also influenced the 
sense of verisimilitude. The reason is that the carrier frequency at 60  Hz might not be inappropriate 
for this basketball content. Some observers reported a mismatch between the vibration and the scene 
when players in the content were running. Considering previous research showed that a carrier 
frequency of 20 Hz was unfit for concert content [10], there are a range of appropriate frequencies 
for each content. 

For the sense of presence, there was smaller difference in the evaluation scores among the 
conditions than for the sense of verisimilitude. There are two reasons for this  result. First, during this 
experiment, the vibration levels, which reflects the frequency characteristic of human sensitivity to 
full-body vibration, under all conditions were the same. According to the results of previous research, 
one characteristic of the sense of presence is that it monotonically increases with an increase in the 
intensities of presented sensory information. The vibration levels of all conditions were the same 
during this experiment; thus, there would be no significant differences in the evaluation scores among 
conditions. From this perspective, if the amplitude of the vibration increased, the sense of presence 
would be enhanced. However, it is unclear how a change in vibration amplitude related to foreground 
or background components in a scene affects the perceived reality. Second, the sense of presence is an 
index related to space and thus suing this index observers would mainly evaluate their environment as 
a whole. Considering the characteristics of evaluation for the sense of presence, observers might have 
evaluated the presented vibration regardless of the foreground and background information. As a 
result, they were not able to well detect the difference among conditions, and the evaluation scores 
among conditions might have fallen in much narrower ranges than those for the sense of 
verisimilitude. 

5. Conclusions 
We examined how the temporal characteristic of amplitude and the frequency of generated 

vibration are related to the senses of presence and verisimilitude perceived from content. In order to 
consider which characteristics of generated vibration strongly affect perceived reality, we prepared 
nine conditions by adjusting the cutoff frequency and the carrier frequency when the vibration was 
generated from sound. The results showed that while there were smaller differences in the evaluation 
scores among all the conditions for the sense of presence than that for sense of verisimilitud e, a 
significant difference was observed between the Fc conditions for the sense of verisimilitude. These 
results suggest that for artificially enhancing the sense of presence from sound, it is unnecessary to 
consider the appropriate cutoff frequency or frequencies of artificially generated vibration. On the 
other hand, for the generation of vibration enhancing the sense of verisimilitude, the cutoff frequency 
and frequency spectrum of the generated vibration should be carefully considered. 
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ABSTRACT 
Shevlin Hall is home to the University of Minnesota’s Speech-Language-Hearing Sciences department. 
Besides the typical needs of any educational space, some of the rooms have additional requirements to meet 
the needs of a hearing-impaired population. In a previous study, we presented the results of a renovation of 
classroom 110 that addressed the room acoustics and electro-acoustics redesign, to achieve adequate speech 
intelligibility. This study presents the results of a qualitative study of the impressions of the building users 
before and after the renovation of classroom 110. 
 
Keywords: Classroom, Speech, Intelligibility 

1. INTRODUCTION 
Classrooms are one of the environments with the highest need for good speech intelligibility. In 

general, classrooms (re)designed during the last couple of decades in the United States, include an 
absorptive ceiling, which provides an appropriate, if not necessarily ideal, acoustic environment. 
However, classrooms continue to often use noisy mechanical systems and are rarely under the ambient 
noise level recommended by the current ANSI 12.60 standard [1,3].  

In a typical classroom there are 3 communication paths: Teacher to student, student to teac her and 
student to student. The third path is rarely considered. Communication between the students is the 
cause of incidental learning. This is critical especially for those with hearing impairment as it leaves 
them out from the questioning and opinions of their peers. In order to reinforce all three paths of 
communication, is important to first address the room acoustics, including reverberation time and 
ambient noise. Secondly, a voice reinforcement system should be added where necessary. 

2. SHEVLIN HALL RENOVATION 
The department of Speech-Language-Hearing Sciences of the University of Minnesota is located in 

a historic building. Shevlin Hall has changed uses and finishes throughout the years, and in 2013, it 
was necessary to undergo a renovation of classroom 110, formerly the main lounge of the building, 
now often used as a multipurpose space for activities including classes, poster sessions  and social 
receptions.  

 

                                                        
1 ana.jaramillo@amfg.eu, bruce.olson@afmg.eu 
2 nelso477@umn.edu 
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Figure 1. Shevlin Hall (before renovation) 

 
The renovation included adding absorptive panels to meet the standard’s recommendation for 

reverberation time (0.8 s for a large classroom), and adding a new sound system to achieve good 
speech intelligibility. As the space is often occupied by people with a range of hearing deficiencies, 
good speech intelligibility was critical for the functioning of the space.  

 

 
Figure 2. Source and receiver locations for testing. 

2.1 Ambient Noise 
The cooling of the classroom during the summer is done by 2 large window units. The update of the 

cooling system was not part of the renovation so the units continue to be functioning in the space 
resulting in a high ambient noise of NC56-62. Only one of the 2 units was operating during our 
measurements.  

2.2 Reverberation Time 
The room had a few absorptive panels but these were not enough for its use as a classroom and the 

high reverberation time made it hard to achieve good speech intelligibility.  
With the addition of 35 absorptive panels, the reverberation time was brought down to the desired 

range [4]. Figure 3 shows the RT measured at 3 locations in the room (see Figure 2) before (black) and 
after (grey) the renovation. Optimal RT for a classroom of its size was achieved with the added 
absorption.  
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Figure 3. Measured RT at 3 locations 

 

2.3 Speech Intelligibility 
Speech Transmission Index was measured in the room at the same 3 locations and it showed values 

of 0.56-0.58 without the AC units running. With the lower RT and the new sound system, STIs of 
0.68-0.76 were achieved. 

The current standard recommends values above 0.64 for spaces that require very high speech 
intelligibility, but 0.60 is considered acceptable [2]. 

In Figure 4 we see the results of STI measurements with (black) and without (grey) the sound 
system on, at locations across the room with the source at the instructor and back locations.  The light 
grey baseline shows the highest level measured before the renovation, so we can appreciate the 
improvement in STI given by the added absorption, and then the improvement given by the new sound 
system. 

 

 
Figure 4. Measured STI with and without Sound System, after the renovation. 

3. SUBJECT TESTING 
Intelligibility subject-based tests were performed in the room, to compare with the speech 

intelligibility predicted through STI. These tests were performed using IEEE sentences, played back 
through a single speaker at the front. 

3.1 Speech Intelligibility 
For speech played in quiet conditions, 4 tests were done using 3 receiver locations (instructor, front 

and back) and 2 source locations (instructor and back).  
Table 1 shows the results of this test. 
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Table 1. Results of intelligibility test in quiet condition 

Test Receiver Location Source location Results (Average %) 
1  Front Instructor  78 
2  Back Instructor  79 
3 Front Back 80 
4 Instructor Back 68 

 
In quiet conditions, all subjects were able to get more than 68% of the spoken sentences. The path 

from the instructor in the front corner to the receiver in the center back of the room was the poorest. 
This condition would be highly improved by the use of the sound system. 

The second test compared speech intelligibility in quiet and noisy conditions. For the noisy 
condition, the window AC units were running (~52 dBA). 

Table 2 shows the results of this test. 
 

Table 2. Results of intelligibility test in quiet vs noisy conditions 

Test Condition Receiver Location Source location Results (Average %) 
1 Quiet  Front Back 94 
 Noisy   6 

2 Quiet Instructor Back 94 
 Noisy   2 

 
The comparison between noisy and quiet conditions is clear. The high noise levels make the room 

unusable without the aid of the sound system.  

3.2 Survey 
In order to get a subjective impression of the users of the classroom, 2 open-ended questions were 

distributed after a poster-session, inquiring about the ease of communication. During the session, there 
were 4 posters being presented simultaneously. 

 
How easy is it to understand the presenters? 

Easy 6 OK 6 Difficult 0 
 
How easy is it to understand the poster discussion? 

Easy 7 OK 5 Difficult 0 
 
The results from the survey show that it was fairly easy for people to understand an individual 

poster presenter and discussion around it, even in the presence of distracting activity noise around 
them. Additional survey results from long-standing faculty indicated great improvement in speech 
understanding and vocal effort following the renovation. The achieved RT helps provide an 
environment in which this type of activity can be done successfully.  

4. FINAL REMARKS 
Shevlin Hall 110 started as a historic room with a high reverberation time and very high background 

noise levels where typical classroom activities could not be done. After the renovation of the room, the 
historical character was maintained but the reverberation time was lowered to the recommended levels. 
An addition of an appropriate sound system completed the renovation to achieve very high speech 
intelligibility. Even though the noisy AC units continue to exist in the room, it is only a small portion 
of the year where their use is required (due to its location in the colder Minnesota climate). Future 
renovations of the building hope to address this need. Subject-based testing as well as an open-ended 
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survey helped compare the predicted and measured room acoustics and the actual user experience of 
the room. All users found the room to be appropriate for its use as a classroom as well as other 
activities. Further investigations into the comparison between subject-based testing and speech 
intelligibility predictions using STI are needed. 
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Abstract
Speech intelligibility plays a key role in determining the quality of verbal communication. It depends on the
acoustic characteristics of the room and the signal-to-noise ratio (SNR). Background noise has three main com-
ponents: HVAC noise, anthropic noise (student activity) and external activities noise, each of them with different
noise spectra. In this work, measurements taken with a sound level meter during lectures in university class-
rooms are analysed using advanced statistical techniques in order to detect and separate the various components
which contribute to background noise. The same statistical techniques are used to characterize the speech level
too, i.e. the signal in the SNR. From the raw data collected with a sound level meter, an asymmetrical distribution
is built. Then four statistical techniques are applied: percentile levels, Gaussian mixture model based on peak
detection, blind Gaussian mixture model and blind k-means clustering. Results are compared and discussed,
highlighting the pros and cons of each technique.
Keywords: Speech intelligibility, Gaussian Mixture Model, Signal-to-noise ratio

1 INTRODUCTION
Good quality of oral communication is the crucial aspect for a learning space. A high speech intelligibility
allows increasing student’s concentration and decreasing teacher’s vocal effort [1, 2]. Conversely, a high back-
ground noise triggers the Lombard effect [8], the mechanism for which a person tends to increase the level of
his voice in order to listen himself. As all people experience the same effect, the signal-to-noise ratio (SNR)
remains almost constant during time [9]. The main factors affecting the speech intelligibility are the reverber-
ation time and the signal-to-noise ratio. Thus, in order to achieve an high interaction between students and
teachers, a deep knowledge of the sound sources affecting the background noise is essential. The best intelligi-
bility in a certain space is reached when the signal-to-noise ratio is at least +15 dB [3, 4]. Often, lecture halls
are provided of a public address (PA) system to increase the SNR, but it changes the human noise behaviour
too; Peng et al. note that in the case of elementary school classrooms the correlation between SNR and the
Lombard effect is missed [10]. Background noise in a university lecture hall in occupied condition is formed
by HVAC system, external noise due to the nearby spaces and student activity (anthropic noise) [6]. Separating
these background noise sources is not immediate when anthropic noise is considered; for example it may be
necessary to measure the sound pressure levels during the pauses in the teacher’s speech [5]. Statistical tech-
niques offer a viable method to separate the different contributions. However, the standard technique, based on
the percentile levels, doesn’t allow to obtain the anthropic component in a stable way since it looks for the
portion of time exceeded by a random phenomenon. That is why a statistical algorithm is needed to group
sound pressure levels recorded with a sound level meter in a more structured way. In this work four statistical
techniques are compared to identify the anthropic noise due to students during thirteen university lectures in
three different rooms: percentile levels (PL), Gaussian Mixture based on peak detection (PD), blind Gaussian
Mixture Model (GMM) and blind k-means clustering (KC). Results are compared and discussed, highlighting
the pros and cons of each technique.
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2 METHOD
The case studies are three university rooms in the School of Literature and Philosophy of the University of
Bologna. Hall I and Hall II have an amphitheater shape with plaster walls and wooden seats and benches,
volume of 1000 and 900 m3 and a maximum capacity of 250 and 200 students. Hall III has a shoe-box shape,
plaster walls and movable plastic chairs, a volume of 850 m3 and a maximum capacity of 170 students.
At first, in order to characterize the acoustics of the rooms, a measurements campaign according to ISO
3382 [11] and IEC 60268-16 [12] was carried out, using a calibrated sound source [14] with enough signal-to-
noise ratio [15]. Reverberation time, STI (Speech Transmission Index) and C50 (Sound clarity) are considered
the relevant acoustic criteria for this study [16].
Subsequently, thirteen lessons were entirely recorded with two sound level meters located at mid distance be-
tween the speaker and the rear wall, near the lateral walls of the rooms and at least 1 m from any reflecting
surface. An observer detected the unforeseen extraneous sounds in order to delete their peaks in post-processing.
Time history were cut in correspondence of the pauses, focusing the analysis on the lectures. Short-term, A-
weighted sound pressure levels were recorded with an interval time of a 100 ms. The HVAC system was
switched off during the acquisitions.Therefore, only two sound sources were present, labelled in the following
as Speech Level (SL) and Student Activity (SA).
The workflow of the post-processing was the following:

1 - the statistical distribution of A-weighted sound pressure levels was built and plotted;

Then, basing on the type of analyses needed:

2.1 - the percentile levels were extracted;

or

2.2 - the distribution of occurrences was fitted by two normal-distribution curves or two clusters, basing on the
used technique, to identify each source (SL and SA);

3 - SNR is evaluated as the difference between the local maxima of SL and SA.

09:00 10:00 11:00 12:00 13:00 14:00 15:00 16:00

·104

60

80

100

Time (h : m)

So
un

d
pr

es
su

re
le

ve
l
(d

B
)

Figure 1. Example: temporal history of three recorded lectures.

If the number of sound sources is known it is possible to "force" the number of clusters assembled by the
algorithms or let them to optimize it.
The techniques employed in this work can be divided in two types: with or without an observer during the
acquisition. The percentile levels and peak detection are techniques of the first kind. In fact, here the observer
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decides the percentile value or the number of geometrical peaks on the occurrences curve to take int account
(the observer decides which extraneous noises to discard).
The blind Gaussian Mixture Model and k-means clustering are techniques of the second kind. In fact, they
work in a blind way and the operator can just select the number of clusters to obtain. In this study, for the
blind techniques a number of 2 clusters was set up.

Table 1. Subdivision between statistical techniques and observer requirement.

Technique With/without observer
Percentile levels (PL) with
Peak detection (PD) with

Gaussian Mixture Model (GMM) without
K-means clustering (KC) without

Table 2. Occupancy during lectures (N), gender of the teacher and recording time for each lesson under study.

Lesson N Hall Teacher’s gender Recording time
(h:m)

A 145 I M 01:16
B 200 I M 01:22
C 100 I F 01:38
D 150 I M 01:24
E 250 II M 01:32
F 160 II F 01:24
G 120 II F 01:19
H 150 II F 01:30
I 200 II M 01:29
J 110 III F 01:35
K 80 III F 01:30
L 110 III M 01:35
M 175 III F 01:27

2.1 Percentile Levels
In acoustics a percentile level corresponds to a sound pressure level which is exceeded a certain percentage of
the recording time. In this work, using this technique the teacher’s speech level is identified with the LA,eq of
the whole time history while the student activity is associated to the L90, as in many previous studies [5, 7, 18].
Thus, the SNR is evaluated with their difference. The "acoustic" percentile level corresponds to the rank R of
a percentile in statistical terms (see 2.2).

2.2 Peak detection
Peak detection executes a Gaussian Mixture Model algorithm forcing manually the number of possible clusters.
This is established by the operator identifying the peaks on the occurrences curve of the recorded SPL. A
multi-peak analysis was made with OriginPro [13] software in order to identify the main starting points for the
Gaussian fitting. The Gaussian Mixture Model algorithm is analysed in detail in the following subparagraph.
The same dataset can be seen in two different ways: through the cumulative distribution or through the oc-
currence curve (see fig 3). So percentile levels and peak detection techniques are linked. In fact, evaluating
a percentile level means doing a backwards integration of the occurrence curve (see figure 3(b)) covering the

5884



percentage of its area until the percentile required. For example, determining the acoustic percentile level L90
corresponds to the backwards integral until the 10th percentile of the occurrence curve.
In statistics, the rank r of a percentile q of N observations is defined as:

r(q) =
q

100
(N +1) (1)

Consequently, the value of the acoustic percentile level Lq of a certain dataset is equal to the rank r of 100-
q. For a large number of observation, if the the occurrence curve is represented by f (x), the value q can be
expressed as:

q = P(x > Lq) =
� ∞

r(100−q)
f (x)dx (2)
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(a) Percentile Levels technique
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Figure 2. Example of the two techniques with observer. In figure (a) the continuous line represent the cumula-
tive distribution of the SPL recorded by a sound level meter. The example highlights the L50 percentile level,
which corresponds to an SPL of 48.5 dB. In figure (b) the continuous line represents the distribution of occur-
rences of the same measurement. The asymmetrical distribution was decomposed in two gaussian curves basing
on the peak detection (peaks are indicated with �). The means of gaussian curves indicated with ∗ correspond
to different sound sources.

2.3 Gaussian Mixture Model
The Gaussian Mixture Model decomposes the original model data in a sum of gaussian curves. The clus-
ters, represented by the gaussian curves, and their points are defined via Maximum Likelihood method. With
Rstudio [23] is possible estimate via Expectation - Maximization (EM) [22] iterative algorithm the Maximum
Likelihood of the recorded SPL.
Let X be a set of independent observations, x1, . . . ,xn, drawn from a mixture of Gaussian distributions; the
density f (xi) can be written in the form

f (xi;ψ) =
K

∑
k=1

πk fk(xi;θk) i = 1, . . . ,n, ψ = {θ ,π} (3)

5885



40 60 80
0

2

4

6

Sound pressure level (dB)

O
cc

ur
re

nc
e
(%

)

Occurrences distribution

Fitted gaussians

(a) Blind Gaussian Mixture Model
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Figure 3. Example of the two techniques without observer. In figure (a) the continuous line represents the
distribution of occurrences of the recorded SPL while the dashed lines represent the gaussian curves found. In
figure (b) are highlighted two clusters of the recorded dataset.

where the fk(xi,θ)s are the Gaussian densities with parameter vector θk = {µk,σ2
k ;k = 1 . . . ,K} and πk are the

so called mixing proportions, non-negative quantities that sum to one; that is, 0 ≤ πk ≤ 1 (k = 1, . . . ,K) and
∑K

k=1 πk = 1 [21]. The likelihood function for a mixture model with K univariate Normal components is:

L (ψ|x) =
n

∏
i=1

K

∑
k=1

πk fk(xi|θk) =
n

∏
i=1

K

∑
k=1

πk
1√

2πσ2
e
− (xi−µk)

2

2σ2
k (4)

2.4 K-means clustering
K-means clustering is an algorithm which distributes the data basing on their characteristics, generally the metric
used is the distance. As the EM, it is iterative too and identify each cluster with a significant parameter named
centroid. Its aim is minimize the intra-cluster variance arranging the centroids [19]. With Rstudio [23] it is
possible to run the algorithm.
Let X = {xi}, i=1, . . . ,n be the set of n points to be clustered into a set of K clusters, C = {ck;k = 1, . . . ,K}.
K-means algorithm finds a partition such that the squared Euclidean distance between the empirical mean of a
cluster and the points in the cluster is minimized. Let µk be the mean of cluster ck. The squared Euclidean
distance between µk and the points in cluster ck is defined as

J(ck) = ∑
xi∈ck

||xi −µk||2 (5)

The goal of K-means is to minimize the sum of the squared Euclidean distance over all K clusters, therefore
the objective function to be minimize is the following:

J(C) =
K

∑
k=1

∑
xi∈ck

||xi −µk||2 (6)

��
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3 PRELIMINARY RESULTS
The recorded data were analysed with four statistical techniques. Results are presented in table 3. For each
method student activity (SA), speech level (SL) and signal-to-noise ratio (SNR) are shown.

Table 3. Measured A-weighted values of student activity (SA), received speech level (SL) and correspond-
ing signal-to-noise ratio (SNR) for Peak detection, Percentile levels, Gaussian mixture and K-means clustering
methods. Values are averaged over the two receiver positions selected for the measurements performed during
lessons. In the Equivalent levels method LA90 and LAeq represent the student activity and the speech level. Mean
values don’t evaluate lesson L since was conducted without P.A. system. All values are in dB.

Lesson PD PL GMM KC

SA SL SNR LA,90 LA,eq SNR SA SL SNR SA SL SNR

A 48.0 65.1 17.1 48.0 69.9 22.0 48.2 65.0 16.8 52.2 68.3 16.1
B 47.4 63.5 16.1 45.8 64.8 19.0 47.5 63.3 15.8 48.8 64.2 15.4
C 51.1 65.8 14.7 53.0 68.9 15.9 53.3 66.3 12.9 55.8 68.4 12.6
D 50.8 67.4 16.6 49.3 69.7 20.4 51.2 67.2 16.0 52.7 68.4 15.7
E 47.9 68.2 18.9 52.1 72.3 20.2 48.4 67.5 19.1 49.1 68.0 18.9
F 50.1 66.7 16.7 55.0 71.9 17.0 50.3 66.5 16.2 53.1 68.5 15.5
G 62.0 75.8 13.2 61.6 78.6 17.0 61.0 75.5 14.5 55.7 74.9 19.3
H 55.5 76.1 20.2 56.4 79.2 22.8 55.3 75.3 20.0 55.8 76.0 20.2
I 53.6 68.1 12.9 58.8 74.6 15.8 53.4 68.0 14.6 56.5 69.7 13.1
J 46.9 59.9 13.0 50.3 63.3 13.0 53.0 61.6 8.6 53.3 63.6 10.3
K 50.4 68.2 17.8 47.5 67.8 20.3 50.6 67.6 17.0 50.6 67.7 17.1
L – 60.7 – 53.4 63.6 10.2 57.7 62.9 5.2 55.8 64.4 8.6
M 48.8 62.7 13.9 51.5 65.1 13.7 51.1 63.1 12.0 53.8 64.7 10.9

Mean 51.0 67.3 15.9 52.4 70.5 18.1 51.9 67.2 15.3 53.1 68.5 15.4

Results show that the differences between the methods decrease when the SNR increases; indeed the lesson "L"
highlights this behaviour. This lesson was carried out without the PA system so, because of the Lombard effect,
the student activity is not visually appreciable. Thus, the PD technique doesn’t succeed in the fitting while other
techniques give very different results. The density of the data doesn’t permit to have a coherent clustering. The
most similar values are obtained by the PD and GMM, since they use the same algorithm but in a different
initial conditions. More in general, PL overestimates SNR values compared to the other techniques.
Measurements give further insights into the mechanism of the Lombard effect. Students and teachers create an
acoustical environment with an SNR of +15 dB as a consequence of the Lombard effect to reach the maximum
possible speech intelligibility in the rooms as indicated by previous studies [17, 9]. As shown in figure 4 SL
increases of 0.56 dB for each dB of increase of SA as suggested by literature [24, 25]. The intercept (37.4)
takes into account the combined effect of the source-receiver distance and the PA gain.

4 CONCLUSIONS
The present work has investigated a statistical analysis of the acoustic field during university lessons. After a
measurement campaign carried out with two sound level meters, statistical analysis were conducted with four
different techniques: percentile levels, Gaussian Mixture model based on peak detection, blind Gaussian Mixture
Model and blind k-means clustering. Results show how the percentile levels overestimate, unlike the other
techniques, the value of the background noise during university lectures. Furthermore the reciprocity between
the student activity and the speech level highlights how Lombard effect works maintaining a costant SNR.
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Figure 4. Relationship between SA and SL. The regression line shows the increase of 0.56 dB/dB as suggested
by literature.
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ABSTRACT 
Effective sound transmission between source and receiver is essential for good communication and sound 
quality in learning spaces.  Of course, sound transmission can be significantly affected by the acoustics of 
the space.  Under many circumstances, however, these acoustical effects have relatively minor perceptual 
consequences.  This may be explained, in part, by listener adaptation to the acoustics of the listening 
environment.  Here, evidence that room adaptation improves speech understanding is summarized.  The 
adaptation, is rapid (around 1 second), strongest for rooms with reverberation times between 0.4 and 1 second, 
and observable for a variety of speech materials.  It also appears to depend critically on the amplitude 
modulation characteristic of the signal reaching the ear.  A better understanding of room adaptation effects 
can inform and contribute to methods for improving speech understanding and sound quality in rooms for 
both normally-hearing and hearing-impaired listeners. 
 
Keywords: Speech Intelligibility, Room Acoustics, Virtual Auditory Space 

1. BACKGROUND 
It has long been known that speech understanding is degraded by reverberation (1).  The 

degradation stems primarily from temporal distortion of the speech signal caused by the reverberation 
(2, 3), and is known to scale with the amount of reverberation (1, 4).  Because most everyday 
communication situations involve sound transmission within a reverberant sound field, it is critically 
important to understand how and by what mechanisms speech understanding is impacted by 
reverberation.  This is especially true, given that the negative effects of reverberation on speech 
understanding are exacerbated both by background noise (1, 5) – another ubiquitous property of 
everyday listening environments, and by hearing loss (6), where poor performance in reverberation is 
the most frequent complaint given by hearing aid users (7).  Given these challenges, it is perhaps 
remarkable that for individuals with normal hearing, few communication problems are encountered in 
everyday reverberant environments.  This suggests that processing in the normally functioning 
auditory system must effectively counteract the deleterious effects of reflected sound and 
reverberation, even though acoustically, these effects are clearly measurable and specific to a given 
listening environment and the spatial configuration of components in the communication chain. 

The auditory system has a number of mechanisms that can immediately assist with speech 
understanding in reverberation, including the binaural system (8) and mechanisms related to the 
precedence effect (see 9, and 10 for reviews).  Beyond these immediate effects, there is now emerging 
evidence that prior listening exposure to reverberation can provide an environmental listening context 
that renders speech as perceptually less reverberant (11, 12) and can result in objective improvements 
in speech intelligibility (13).  This suggests that the processing of sound in reverberant space within 
the normally functioning auditory system may involve processes more complicated than previously 
thought.  The goal of the present study is to determine the extent to which this environmental context 
effect depends on the acoustics of the listening space. 

Watkins (11, 12) was the first to demonstrate an effect of listening context on speech perception in 
reverberation.  He used target speech signals on an 11-point continuum from “sir” to “stir” embedded 
in a carrier phrase, and noted the point at which the speech percept changed from “sir” to “stir” – a 
categorical perception task.  When both target and carrier phrase were presented in minimal 
reverberation, the change point was near the center of the continuum.  When the target was presented 
in moderate reverberation, but the carrier phrase remained in minimal reverberation, the change point 
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shifted toward “sir”.  This can be explained by reverberant energy filling in the temporal gap 
following the stop consonant in “stir”, causing it to be perceived as more like “sir”.  When both the 
target and the carrier phrase were presented in reverberation, the change point shifted back to where it 
was observed when both target and carrier were presented in minimal reverberation.  This suggests 
that the reverberant carrier phrase provides contextual information that allows the auditory system to 
compensate for the effects of the reverberation on the target word.  Watkins and his colleagues have 
interpreted this result as being consistent with a type of high-level perceptual constancy, similar to 
other well-known perceptual constancies in vision, such as brightness constancy or color constancy.  
They have also demonstrated the effect with additional speech continua (14) and non-speech contexts 
(15, 16), and have shown that the effect is driven primarily by the amplitude envelope of the speech 
signal reaching the listener (17).  This latter result is appealing; because of its potential links to the 
modulation transfer function concept, which forms the basis for standard methods of predicting speech 
intelligibility in rooms, such as the speech-transmission index (STI, 18) and speech-intelligibility 
index (SII, 19). 

Brandewie and Zahorik (13) reported context effects similar to those identified by Watkins and his 
colleagues, but using different methods.  In their study, Brandewie and Zahorik (13) compared speech 
reception thresholds (SRTs) using the coordinate response measure (CRM, 20) in a background of 
spatially separate noise within a simulated reverberant room.  Two different listening conditions were 
tested.  In one condition, listeners were provided with consistent listening exposure to the same 
reverberant room, both within and across trials.  In a second condition, consistent exposure to the 
room was disrupted by removing the CRM carrier phrase and by changing the room from trial to trial.  
SRTs were found to be 2-3 dB lower, on average, in the consistent exposure condition.  This suggests 
that consistent environmental listening context in a reverberant room can facilitate speech 
understanding.  Similar context effects were not observed when the test room was anechoic, 
suggesting that the context effects are specific to reverberant sound fields.  Additional work has 
demonstrated that the effect generalizes to highly heterogeneous sentence materials (21), is fully 
activated by approximately 1 s of listening exposure (22), is strongest for rooms with moderate 
reverberation times (0.4 ≤ RT60 ≤ 1 s, 23), and is relatively independent of location within the room 
(24).  The importance of the amplitude envelope in the room context effect has also been 
demonstrated using similar methods (25). 

In addition to speech understanding, similar short-term adaptation to aspects of room acoustics has 
been observed in listening tasks such as: echo detection (26), sound localization (27, 28), judgments of 
loudspeaker sound quality (29), and amplitude modulation detection (30).  In all cases, the adaptation 
results in what can be considered improvements in listening performance, thus clearly demonstrating 
the importance of this effect for natural, everyday listening that contains indirect sound.  Although 
these effects may be specific examples of perceptual priming (31) in the auditory modality, it is at 
present not clearly understood what mechanisms or basic auditory capabilities underlie the adaptation.  
This is a critical gap in knowledge that is preventing further progress in this area. 

2. NEXT STEPS 

2.1 Theoretical Framework 

Now that the existence of room adaptation effects have been clearly demonstrated for 
normal-hearing listeners, and certain basic characteristics of the effects have been identified, there is a 
critical need to reveal the basic auditory functions that underlie these effects and how they may 
interact with other known effects (e.g. Binaural Squelch) to facilitate improved speech understanding 
in reverberation.  It is hypothesized that both monaural and binaural processing of the amplitude 
modulation (AM) information underlies these room adaptation effects through the conceptual 
framework shown in Figure 1.  The basis for this framework is the modulation transfer function 
(MTF) concept (3), which, along with its binaural extension (32), has been shown to be highly 
effective at predicting speech intelligibility in complex listening situations including reverberant 
rooms with background noise.  To extend the MTF-concept to explain room adaptation, we 
hypothesize an additional stage that provides compensation for the MTF of the room.  Through the 
combination of room MTF estimation and compensation, information about the AM characteristics of 
the sound source may be gained over time, which is independent from the acoustical effects of the 
room.  In general, this is a type of process that seeks inference regarding distal source properties in 
the face of degraded or underspecified proximal sensory input.  Such processes are thought to support 
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a variety of perceptual phenomenon, including the constancies of brightness (33), size (34), and 
loudness (35).  Neural evidence demonstrating the reverberation-resistant coding of AM in the 
inferior colliculus (36, 37) supports the ideas of MTF estimation and compensation in our framework, 
as does the fact that room adaptation effects on speech understanding and perception have been shown 
to depend specifically on the time-varying amplitude envelope of the speech signal (17, 25).  Further 
work will be needed to test hypotheses stemming from this conceptual framework. 

2.2 Monaural Versus Binaural Contributions 

A fundamental issue that must be addressed is the role of monaural versus binaural input.  Work by 
Watkins (11) has clearly demonstrated monaural compensation for reverberation, and monaural cells 
in the inferior colliculus have been identified that are reverberation-resistant (36, 38).  On the other 
hand, Brandewie and Zahorik (13) have concluded that room adaptation appears to require binaural 
input. This conclusion may be premature for at least two reasons, however.  1) Two of 14 listeners still 
showed adaptation effects, even for monaural input, and 2) monaural input was always tested for using 
the ear contralateral to the noise source (the “better” ear, in terms of signal-to-noise ratio), which may 
have influenced the results.  Additional studies are therefore needed to clarify the role of monaural 
versus binaural input in the observed room adaptation effects. 

2.3 Room MTF Development over Time 

We have operationalized the conceptual framework described above for the case of monaural room 
impulse response (RIR) input by first passing this input through a gammatone filterbank (39) to 
simulate peripheral auditory filtering and then computing the MTF in each band from the RIR using a 
method described by Schroeder (5).  We then examined the effect of exposure time by varying the 
length of the RIR used for analysis, ranging from the first 5 ms (near anechoic) to the entire RIR, which 
was approximately 1.8 s in this case.  Results of this analysis are shown in Figure 2, where a clear 
development of the room MTF characteristic is evident over time.  By 1000 ms of exposure, the room 
MTF is fully developed in all but the lowest modulation frequencies.  We suggest that this strategy of 
analyzing the developmental time course of MTF estimates may help explain time-course results for 
room adaptation effects, where enhancement for a similar room was found to increase as a function of 
exposure time up to about 1 s and then plateau (22).  This suggestion is based on the idea that 
compensation in our hypothesized framework would be incomplete without an accurate estimate of the 
room MTF, which is only available after sufficient exposure time.  These preliminary data have 
important implications, because they suggest that the room adaptation effects might be explainable 
based on acoustical properties of the MTF that develop over time, and on relatively low-level auditory 
processes that encode these properties.  This approach will be especially relevant because like the STI 
(3), it can be adapted to take running speech as an input.  Further scientific study will be needed to 
definitively determine if such temporal development of the MTF is related to the effects of room 
adaptation on speech understanding. 
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Figure 1 - Proposed conceptual framework to explain room adaptation. 
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2.4 Impact of Hearing Loss 
Results of a preliminary study (40) using testing methods identical to those used by Brandewie and 

Zahorik (13) found that some hearing impaired users may also exhibits room adaptation effects related 
to speech understanding, although large individual differences were observed.  These differences 
were not clearly related to the large differences in pure-tone audiometric thresholds for the sample of 
listeners tested.  Therefore, additional study will be required to fully understand how hearing loss 
may impact room adaptation effects. 

3. IMPLICATIONS FOR ROOM DESIGN/COMFORT 
Although most natural listening situations would allow for listening experience with an acoustical 

environment of sufficient time to activate the described room adaptation effects, there are a number of 
important complexities related to this adaptation that are not yet known.  For example, how might the 
psychophysical effects of room adaptation be impacted by other devices in the communication chain, 
such as sound reinforcement systems, sound assistive devices (e.g. hearing aids), or teleconferencing 
systems?  As pointed out in the STI standard (18), such devices in the communication chain affect the 
MTF.  To the extend that the MTF is involved in psychophysical room adaptation, such devices may 
impact adaptation.  There is also the issue of different or conflicting room acoustic information 
potentially being conveyed through the device.  This may also impact room adaptation beyond the 
MTF.  Additional research will be needed to explore these implications. 
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intelligibility measured by objective and subjective methods. 
The comprehensive acoustic treatment of one of the largest primary schools in Poland gave the 

possibility to conduct a broader survey – in terms of number of types of rooms and situations assessed 
as well as the number of the participants. 

2. PROBLEMS OF RESEARCH, MEASURING METHODS 

2.1 Methodology 
The research puts forward the main research problem related to searching for a correlation between 

the Acoustic Change Feelings Scale improvement and changes in school functioning experienced by 
the students and teachers. The research problem is included in the question:  

Whether and to what extent the acoustic treatment of the school interior influenced the assessment 
of changes observed by the students and teachers? 

The students’ and teachers' opinion surveys used the proprietary measurement scale prepared for 
the needs of this study: Acoustic Change Feelings Scale for teachers and students – ACFS-T and 
ACFS-S. The studies were based on statistical calculations using a Wilcoxon rank test based on rank 
values. All calculations were made at the significance level = 0.05. 

2.2 Research area 
Primary school no. 340 in Warsaw with its 1200 students was (2016) the second largest primary 

school in Poland. The school building was constructed in 2012 according to a design that did not take 
into account the room acoustics at all. Hard finishing of the rooms and very large number of students 
meant that the building was loud enough so that the Parent Board started efforts to carry out acoustic 
treatment. In 2016, the City Council of Warsaw decided to allocate some funds to this task and the 
works, performed according to the design of Andrzej Kłosak (acoustics) and Weronika Nowak 
(architecture) was finished in August 2018. Acoustic treatment covered all classrooms, after-school 
clubs, corridors, lobbies, canteen, auditorium, gymnasiums and sport hall. 

2.3 Study population 
378 students and 40 teachers participated in the study. The study involved students from the second 

grade to the eighth grade of the primary school. The most numerous represented classes was the fourth 
grade (45% of the study population) and the fifth grade (30% of the study population). 

3. ACOUSTIC TREATMENT 

3.1 Sound absorbing solutions applied 
Acoustic treatment in school consisted in installation of sound absorbing solutions described in the 

Table 1. The main objective was to fulfil the demands of PN-B-02151-4:2015-06 standard, although 
it was sometimes impossible due to existing building limitations. More about that issue writes Kłosak 
(2). Below are description of some particular rooms cases: applied solutions and measured effects. 

Table 1 – Sound absorbing solutions used for acoustic treatment 

Sol. Description Practical sound absorption coefficient p, Hz 

  125 Hz 250 Hz 500 Hz 1 kHz 2 kHz 4 kHz 

A 15 mm glasswool, 200 mm air gap 0,40 0,85 1,00 0,90 1,00 1,00 

B 100 mm glasswool, no air gap 0,80 1,00 1,00 1,00 1,00 0,95 

C 40 mm glasswool, no air gap 0,25 0,80 1,00 1,00 1,00 0,90 

D 40 mm glasswool, no air gap  0,25 0,75 1,00 1,00 1,00 1,00 

E 100 mm glasswool, no air gap  0,80 1,00 1,00 1,00 1.00 0,95 

3.2 Classrooms 
The building has 36 classrooms with the floor surface area between 31.3 m2 and 72.3 m2, where 
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most of these rooms (63%) have the surface area between 59.0 m2 and 67.0 m2. The height of all 
classrooms before the treatment was 3.0 m. Floors finished with seamless PVC lining, masonry and 
plastered walls, reinforced concrete ceiling slabs floors, plastered.  

The acoustic treatment consisted in the installation of sound absorbing solution B on the ceiling, 
around the perimeter of the rooms (coverage from 43.4% to 50.6%). Due to the building regulations 
specifying the minimum height of classrooms, it was not possible to cover the more surface of the 
ceilings. The same solution was used on two walls of each classroom (rear and one of the side walls). 
Panels covering the entire available surface of these walls higher than 200 cm.  

Figure 1 presents values of reverberation time (before and after acoustic treatment) measured in 6 
classrooms for early education located on the first floor. Despite the limitations mentioned above, the 
basic requirements of the standard for classrooms (RT  0,6 s) have generally been met, subject to 
minor exceeds of the permissible values in few cases. These exceedances occurred mainly within the 
250 Hz octave band and were usually no more than 5%, which is permitted by the standard. These 
exceedances occurred in the classrooms in which the furnishing was more modest or in which there 
were additional building restrictions resulting in a smaller amount of sound absorbing materials 
introduced. At the same time, it should be noted that among 9 classrooms for early education and 
linguistic teaching only one met the tougher recommendations of the same standard regarding these 
type of classrooms (RT  0,5 s).  

Figure 1 – Classrooms (early education), reverberation time RT, (s), before and after acoustic treatment 

Table 2 presents the results of speech transmission index STI measurements in three classrooms (one from 
each category: early education, language education and general). As a result of the acoustic treatment, a 
significant improvement was achieved by increasing the averaged STI values by 0.20 – 0.23 for each room. 
Thus, the requirements of the standard were met with a large margin. 

Table 2 – STI values measured before and after acoustic treatment in selected classrooms 

Room Speech transmission index STI 

 minimum before after 

 average lowest average lowest average lowest 

Classroom 116, Polish language 0,60 0,55 0.49 0.46 0.71 0.68 

Classroom 123, English language 0,60 0,55 0.47 0.45 0.70 0.68 

Classroom 137, early education 0,60 0,55 0.52 0.50 0.72 0.69 

3.3 Sport hall 
The sport hall has the floor surface area of 1068.0 m2 and volume of 11,072.0 m3. There are 

masonry and plastered walls, sports floor on joists, a single-sided roof with a structure made of glued 
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laminated timber and covering with sandwich panels.  
Due to concerns regarding the load-bearing capacity of the roof structure, the designers decided to 

introduce sound absorbing solutions only on the walls of the hall. On both gable walls and on one of 
the longitudinal walls, 50 cm to 370 cm high (from the floor level), sound absorbing solution D was 
installed. On all walls of the sport hall, above the height of 370 cm (from the level of the floor), sound 
absorbing solution E was mounted. The total area of sound absorbing solutions is 77.3% of the total 
wall surface area. The achieved reduction of the reverberation time value is presented in Figure 3. 

Figure 2 – Sport hall, reverberation time RT, (s), before and after acoustic treatment 

3.4 Corridors and halls 
The layout of each floor of the building are organised around of spacious hall (670 cm wide) 

converging narrower corridors (313 – 340 cm wide). The height of the corridors and halls before the 
acoustic treatment was 330 cm (ground floor) and 300 cm (1st and 2nd floor). Masonry and plastered 
walls, reinforced concrete ceiling slabs, plastered, floor finished with seamless PVC lining.  

The acoustic treatment consisted in the installation of the sound absorbing solution A covering the 
entire available ceiling area (in many places it is limited by the plasterboard casing of the building 
technical services). Additionally, sound absorbing solution C installed on available wall sections 
above the height of 200 cm. As a result of this treatment corridors’ total equivalent absorption area 
was raised 8 to 10 times by far exceeding level demanded by standard PN-B-02151-4:2015-06. 

A significant increase in sound absorption of most rooms in the school led to a significant reduction 
in the sound level in these rooms. Before and after the modernisation, a number of random sound level 
measurements were carried out to capture the scale of the phenomenon. Table 4 presents the results 

Table 3 – LAeq values measured before and after acoustic treatment in selected rooms 

Room Activity 
LAeq (dBA) 

Before After 

Sport hall 
Dodge ball: 40 students involved in the play in central 

students each occupied with quieter tasks 
82.0 75.7 - 76.3 

After-school club Free activity: 30 students playing in groups 79.2 - 81.5 72.8 - 77.2 

Hall Break: 50-70 students, no smartphones allowed 81.4 - 86.9 73.8 - 80.0 

Canteen Lunch: 70-140 students 85.5 - 86.0 73,4 – 76,6 
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4. SURVEY RESULTS AMONG THE STUDENTS AND TEACHERS 

4.1 General questions 
In the first points in both questionnaires (for teachers and students) participants were asked to point 

out situations and spaces where they noticed changes after acoustic treatment. The presented data 
show that about 68% of children observed any sort of changes in functioning of the school and the 
most numerous group noticed general decrease of sound level in the building. Smaller but significant 
group pointed better speech intelligibility in various situations (Table 4).  

Table 4 – General changes noticed by the students after acoustic treatment 

Observed changes Number of answers 

(n=378) 

Percentage 

I can see the difference (generally). 256 67,72% 

There is more quiet at school. 163 43,12% 

There is more quiet in corridors 154 40,74% 

Children are less running now in corridors 18 4,76% 

Children are less quarreling in the corridors 19 5,03% 

I understand the teacher better in the classroom 100 26,46% 

I understand the teacher better in the gymnasium 80 21,16% 

I understand the teacher better in the corridor 68 17,99% 

The teachers seem to be much more sensitive to the changes in acoustic environment (Table 5). 
This group appreciated mostly better speech intelligibility in classrooms and corridors, lower voice 
effort and decreased level of fatigue. They also pointed out better students’ performance. 

Table 5 – Changes in teachers’ working conditions and students performance noticed by the teachers after  

Observed changes Number of answers 

(n=40) 

Percentage 

improved general comfort of work 34 77,27% 

in fatigue level after working day 18 40,91% 

in vocal effort during the day 20 45,45% 

in work comfort while on duty in corridor 19 43,18% 

 in students’ performance during individual work 19 43,18% 

in students’ performance during team work 15 34,09% 

in the level of understanding verbal instructions in classes 27 61,36% 

in the students’ behaviour during breaks 15 34,09% 

in communication with the students during breaks 27 61,36% 

When teachers and students were asked to evaluate level of observed changes in different types of 
spaces they pointed mostly for classrooms: 30% of the students and 77% of teachers answered that 
changes here were large or very large. 

5900



4.2 Detailed questions 
In this part of the survey respondents were asked to assess impact of the acoustic treatment on 

particular aspects of school activities. Each evaluation was made in 5-level range. For each case 
statistical calculations using a Wilcoxon rank test based on rank values were made. All calculations 
were made at the significance level = 0.05. In all calculations, the hypothesis H0 was assumed that 
the average results of the assessments determined by the respondents (before and after acoustic 
treatment) are significantly equal and the alternative hypothesis H1 that the average results of 
assessments determined by the researched subjects (before and after acoustic treatment) are 
significantly different.

4.2.1. Students’ level of concentration 

Figure 3 – Students’ level of concentration on task during individual work, assessment made by teachers 
(left) and students (right).  

4.2.2. Students’ pace of work 

Figure 4 – Students’ pace of work during afternoon lessons, assessment made by teachers (left) and 
students (right).  

4.2.3. Students’ short term memory capacity 

Figure 5 – Students’ short term memory capacity, assessment made by teachers and concerning new content 
(left) and difficult content (right).  
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4.2.4. Students’ task fulfillment 

Figure 6 – Students’ task fulfillment, assessment made by teachers for simple tasks (left) and complex ones 

(right).  

4.2.5. Students’ fatigue 

Figure 7 – Students’ fatigue during afternoon lessons, assessment made by teachers (left) and students

(right).  

4.2.6. Students’ level of aggression 

Figure 8 – Students’ level of aggression during breaks in assessment of teachers: physical aggression (left) 
and mental aggression (right).  

5. DISSCUSSION 
Presented above data are just a part of all collected during survey answers. The whole material 

shows following consequences of acoustic treatment of school premises.  
Teachers asked about students’ performance and behaviour noticed positive changes in level of 

concentration and pace of work (both during individual and group work), task fulfillment, short term 
memory capacity, durability of memory, level of fatigue and aggression and above all level of speech 
intelligibility. 
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When asked about their working conditions they can see benefits in lower fatigue, lower voice 
effort, lower prevalence of hoarse, headache and tinnitus and lower level of stress. In both groups of 
questions statistical calculations allowed for positive verification of the assumed hypotheses, 
therefore the acoustic treatment at school has a positive effect on teachers’ wellbeing and students’ 
performance and behaviour. 

Students asked about their own performance noticed better concentration, speech intelligibility and 
pace of work. They point out lower level of aggression. Expressed levels of changes are lower than 
among teachers, however statistical calculations allowed for positive verification of the assumed 
hypotheses with just one exception: students can’t see any difference in their level of fatigue.  

Both groups pointed out higher students’ school achievements after acoustic renovation of the 
building, but the teachers found stronger correlation. 76% of teachers assess that students’ school 
achievements are higher and 14% said that semester grades are far better (while 86% said that changes 
are small or none). Corresponding percentage for students are 29% and 26% (while 69% pointed small 
or none changes and 5% reported worse grades). 

Interesting observation was made concerning classrooms. In these school, like in most of others, 
when discussion on “damping” started, teachers and parents were focused on corridors, sport hall, 
canteen and after-school clubs. Classrooms were of secondary interest. However survey proved that 
these rooms are the spaces were acoustic changes were most appreciated and where acoustic treatment 
was most needed. 

6. CONCLUSIONS 
Data collected in the survey clearly confirms positive opinions spontaneously expressed by the 

users just after school modernization. It shows how important is acoustical environment of the school 
for wellbeing and performance of both, students and teachers. Thus it proves need of wide acoustic 
treatments in existing buildings. Subsequent research results will be presented in later studies of the 
authors 
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ABSTRACT 

The measurement methods presented in standard ISO 3382-3 have been suggested for evaluation of acoustics 

in open-plan learning spaces. This means that there should also be a suitable design method to ensure the 

acoustics beforehand. The purpose of this study is to find out whether the results of the measurements carried 

out in recently built open-plan learning spaces correspond to the results of room acoustic modelling 

performed in design phase of the spaces. Measurements were done in five new open-plan schools. The results 

show that room acoustic modeling can be used as a design method for open-plan learning spaces. 

 

Keywords: Room acoustics, modelling, open-plan learning spaces  

1. INTRODUCTION 

Traditionally the room acoustic criteria for designing classrooms has been reverberation time T, [1] 

and in some cases also speech transmission index STI [2, 3]. The acoustic design criteria for open plan 

schools has been proposed to be the spatial decay rate for speech D2,S and STI. [4, 5] To measure these 

quantities one could use the open plan office measurement standard ISO 3382-3 [6].  

In this paper, our aim is to find out whether it is possible to use room acoustic modelling as a tool 

to meet the acoustical design criteria of D2,S and STI for open-plan learning spaces. This was studied 

by collecting acoustical modelling data from the design phase of five different open plan schools and 

this data was compared to the measurement data from the same schools once they were finished. AINS 

Group has made both, the modelling and the measurements, therefore the measurements could be done 

exactly at same positions as the modelling was carried out. 

The five schools studied were all open plan schools with mineral wool ceiling and some dividing 

elements such as curtains, large furniture or screens. The school 2 was different from the other four 

schools because it was made for temporary use for the school. The temporary space was situated in a 

large hall that was a former department store with a very high ceiling (~5 m) where the classes were 

separated from each other by a ~3 m high curtains and some cabinets. The other four schools followed 

the same pattern of modern open plan schools: large space that has a lot of absorbing surfaces and 

space dividers. The basic data of the schools is presented in table 1. An example of this kind of modern 

open plan school is presented in figure 1. 

 

Table 1 – The basic information of the studied open plan schools. 

  Area [m
2
] Flooring curtains soft furniture Furniture and notes 

School 1 260 carpet yes yes screens, furniture, curtains 

School 2 1200 carpet yes no cabinets, curtains, high ceiling 

School 3 380 soft flooring yes yes "nests", sliding walls, high cabinets 

School 4 1000 soft flooring yes yes "nests", sliding walls, high cabinets 

School 5 400 carpet yes yes "nests", cabinets, low ceiling height 

                                                        
1 firstname.lastname@ains.fi 
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Figure 1 – 3D Layout of measured and modelled modern school (School 3). 

The layout has a lot of curtains and other space dividing furniture. 

2. MATERIALS AND METHODS 

2.1 Room acoustic modelling 

Room acoustic modelling was made with ODEON 14 software. First the 3D surface model was 

made with Trimble SketchUp with the desks, curtains and bigger furniture in place. Then  the 3D 

surface model was exported to ODEON (figure 2) and all the surfaces were given absorption 

coefficients depending on what material they were.  

 

 

Figure 2 – The speaker position (red) and the microphone positions (blue) in a room acoustic model.  
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After importing the needed absorption coefficients, the sound source and the microphone positions 

was put in place. The height of the sound source and microphone positions were put as ISO 3382-3 

suggests: sound source 1,5 m above the floor and the microphone positions 1,2 m above from the floor. 

Also, the sound source was determined to have the sound power of speech as an omnidirectional sound 

source according to the standard ISO 3382-3 [6].  

The sound source was positioned to be on the place of teacher and the microphone positions were 

positioned in a straight line away from the teacher. The distances of the microphone positions were 

typically 2 m from each other, but if a curtain or other obstacle was too close then this position was 

changed to meet the requirements of the ISO 3382-3. An example of the room acoustic model and the 

microphone and sound source positioning can be seen in figure 2. The curved “walls” in the middle of 

the room are curtains that can be used to divide the room. 

2.2 Room acoustic measurements 

The room acoustic measurements were made according to the standard ISO 3383-3. The described 

measurement method in the standard is based on measuring acoustic parameters at different distances 

from the speaker (figure 3). The spatial decay rate for speech D2,S is calculated from the measured 

sound levels Lp,A,S of different distances from a speaker that has the sound power of a speech according 

to the standard. The distraction distance rD and the privacy distance rP is determined by measuring STI 

from different distances from the speaker. The distraction distance is the distance from the speaker 

where STI is 0,5 and the privacy distance is the distance from the speaker where STI is 0,2.  To 

determine the STI the background noise levels Lp,A,B were also measured.  

The speech transmission index STI measurements were made using Odeon software, a laptop, a 

digital sound card and an omnidirectional microphone. To measure the STI correctly with Odeon, the 

whole measurement setup (laptop, sound card, cords and microphones) was calibrated in an anechoic 

chamber according to Odeon manual. The distances between the microphone and the speaker was 

measured using a laser distance meter. From these measures the distraction and privacy distances were 

calculated. 

 

 

Figure 3 – An example of the measurement setup in an open plan school. The microphone positions are to be 

on a straight line from the speaker to the right behind the cabinets. 
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The spatial decay rate for speech D2,S was measured using a omnidirectional speaker with a sound 

power level calibrated in anechoic chamber. The sound levels at different distances were measured 

using class I sound level meter. The same sound level meter was used to measure the background noise 

levels.  

2.3 Comparison 

The comparison of the spatial decay rate of speech is easily comparable for the modelled and 

simulated results because the D2,S parameter is only dependent on the measured sound level of the 

speaker and the distance between the microphone and the speaker. The comparison was done by 

subtracting the measured values from the modelled values individually for each school . Also, the 

average subtractions of all the results were calculated. The modelled and measured STI as a function of 

distance is shown in figure 4. The modelled and measured sound levels of speech as a function of 

distance is shown in figure 5. 

 

 

Figure 4 – The modelled and measured STI as of results distance of five schools.  

Background noise 40 dB, -5 dB per octave 

 

 

Figure 5 – The modelled and measured spatial decay rates of speech as of results of five schools. 
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The distraction distance and privacy distance results are not comparable by subtracting the 

modelled results from the measured results because the measured background noise levels were 

different on each of the measurement sites. The measured background noises between the schools 

varied from 25 dB to 34 dB. In the Odeon software, the background noise cannot be measured. 

Therefore, it is mandatory to measure the background noise with calibrated sound level meter and put 

the result in the software by hand. This allows the changing the background noise of the measurements 

and the modelled results with ease afterwards. Both the measured and the modelled results were 

modified to have the same background noise of 40 dB with -5 dB drop in every octave from 63 Hz to 

8000 Hz. Background noise of 40 dB was chosen to show how the space would act with sound masking 

[4]. The measured and modelled STI results as a function of distance is shown in figure 4 with the 

modified background noise of 40 dB. 

3. RESULTS 

The measured spatial decay rate of speech varied from 6,2 dB to 9,2 dB and the modelled from 

6,7 dB to 12 dB. The measured distraction distances varied from 4,7 m to 9,2 m and the modelled from 

3,3 m to 7,9 dB. The measured privacy distances varied from 10,1 m to 15,6 dB. The acoustic 

measurement and modelling results are presented in table 2 in detail for all five schools.  

 

Table 2 – The modelled and measured room acoustic parameters for open plan schools. 

 

Modelled values Measured values 

D2,S [dB] rD [m] rP [m] D2,S [dB] rD [m] rP [m] 

School1 9,7 4,9 10,1 6,2 5,9 15,6 

School2 7,4 7,8 13,4 6,9 6,2 11,6 

School3 6,7 7,9 15,6 6,6 6,4 14,0 

School4 8,3 3,8 12,9 7,2 4,7 10,1 

School5 12 3,3 6,6 9,2 6,4 12,8 

Average 8,8 5,5 11,7 7,2 5,9 12,8 

Standard deviation 1,9 2,0 3,1 1,0 0,7 1,9 

 

From the data of table 2, the subtraction of the modelled and the measured values was made. After 

that the average and the standard deviation of the subtractions was calculated. These results are shown 

in detail in table 3.  

 

Table 3 – The subtraction of table 1 results: modelled values – measured values.  

On the bottom line is the standard deviation of the subtractions. 

 
D2,S [dB] rD [m] rP [m] 

School1 3,5 -1,1 -5,5 

School2 0,5 1,6 1,8 

School3 0,1 1,5 1,5 

School4 1,1 -0,9 2,8 

School5 2,8 -3,1 -6,3 

Modelled average - measured average 1,6 -0,4 -1,1 

    Standard deviation of the subtractions 1,3 1,8 3,9 
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Table 3 results show that on average the difference between measured and modelled spatial decay 

rate of speech D2,S is 1,6 dB, for distraction distance rD 0,4 m and for privacy distance rP 1,1 m. The 

standard deviation of the subtractions are 1,3 dB for D2,S and 1,8 m dB for rD and 3,9 m dB for rP. The 

biggest difference in modelling versus measurements of spatial decay rate of speech was 3,5 dB, for rD 

3,1 m and for rP -6,3 m. 

4. DISCUSSION 

Table 2 shows that the modelled values for D2,S were bigger than the measured values and the rD and 

rP were not always accurate, especially in the case of schools 1 and 5. The comparison of schools 2,3 

and 4 showed, however, quite a good agreement between the modelled and measured values.  

The modelled version of the rooms were the design versions. From the time of the design to the 

ready space, many things can affect the outcome since acoustic engineer is only one designer in the big 

construction project. Sometimes the construction work might not have gone in budget and many times 

it is the furniture, acoustic treatments and surfacing where saving money is most likely. In some cases, 

the furniture design was changed in the design process and the changed furniture was not modelled . 

But it is also the nature of the open plan schools to have maximum mobility of the space.   

In most of the cases, the furniture designed for the space is something that doesn’t ha ve measured 

absorption data to use in the model. When this occurs, the acoustic modeler must make an estimation 

about the absorption coefficients. Of course, it is not especially exact to estimate the absorption data 

by looking a brochure of a furniture. However, the architects usually want the furniture to help with the 

acoustics and therefore the furniture are covered with a 2–4 cm thick soft materials thus making the 

evaluation of the absorption coefficients somewhat easier. This is a known problem with any type of 

acoustical modelling, but in open plan schools there are a lot of different furniture to model and 

therefore the absorption coefficients can make the model inaccurate if the estimations are wrong.  

The modelling and measurements were both done with teacher to student situation. In the reference 

[5] it is proposed to use three different situations: teacher to student, student to teacher and student to 

student. It is not possible to say how the different situations change the STI from the data of this study, 

but it would be a natural next step to study in the future.   

The receiver height in this study was the same as in ISO 3382-3 [6], but in the reference [5] the 

heights vary from 0,8 m to 1,65 m (ISO 3382-3 1,5 m and 1,2 m) and therefore it is rather complex to 

use in consultant work for the everyday measurements in-situ. The more variation the bigger risk there 

is for mistakes. From this perspective it would be more convenient to use the heights of the standard 

[6]. The differences of the heights in [5] should be compared to ISO 3383-3 and study the differences 

they create. 

5. CONCLUSIONS 

The results indicate that room acoustic modelling can provide useful data to design open plan 

schools. When comparing the modelled and the measured results one should keep in mind that the 

originally designed space might be different from the plans due to many decision makers in the project 

or possible cost reductions. 
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ABSTRACT 
The question on the extent to which environmental noise exposure and excessive reverberation affect 
well-being of children at school is still largely unexplored. Younger children of kindergarten and primary 
school can suffer more than older pupils of well-being and related mental health issues. Well-being measures 
are focused on self-esteem, emotional health and resilience, quality of the relationships with friends and 
family, satisfaction of school, life satisfaction. Noise exposure to traffic noise was demonstrated to be 
associated with mental health and behavioral problems in children, but nothing has been found until now that 
relates noise and excessive reverberation at school with well-being and mental health issues, despite the bad 
acoustic conditions that characterize classrooms in most of Europe. In this study well-being and noise 
annoyance from different noise sources were investigated with a subjective survey based on validated 
questionnaires. Twenty first-grade classes of primary schools located in Turin (Italy) participated in the study. 
Over 367 answered the questionnaire. Classrooms were characterized by different reverberation times and 
noise exposure. The happiness scale allowed to explore differences between happy and unhappy children. 
Relationships with good and bad classroom acoustics have also been investigated. 
 
Keywords: School well-being, Noise disturbance, Classroom acoustics 

1. INTRODUCTION 
The World Health Organization (WHO) states that the school environment is a vehicle for health 

promotion. Focusing on the effects of the acoustic environment at school, it recognizes that high levels 
of noise can degrade the socio-emotional development of students as well as they can generate 
physical disturbs such as discomfort and headaches. Yet, negative consequences of a poor acoustic 
environment are particularly strong for those children with learning difficulties who are typically 
included in regular classes [1]. Unfavorable acoustic environments in classrooms, in fact, determine 
challenging environments for children, who are more sensitive than adults or older peers to noise and 
reverberation when performing tasks that involve listening comprehension and non -auditory features 
such as short-term memory, reading and writing [2]. As results, bad acoustics determines lower speech 
intelligibility scores, mostly for first graders [3,4], degradation of the accuracy in identifying and 
producing newly learned words [5], reduced reading speed of second graders [6] and lower scores in 
the standardized tests of literacy, mathematics, and science for pupils aged 7-11 years [7]. 

As abovementioned, many studies are available in literature on the relationship between classroom 
acoustics and teaching and learning process, even at the lowest grades of education. Conversely, a 
main lack in the available literature is related to the little number of studies has deepened the extent to 
which classroom acoustics, particularly poor acoustics, and the perception of disturbance due to noise 
affect the self-reported well-being of young aged children at school. Epstein & McPortland [8] and 
Tobia et al. [9] reported that the well-being of primary school pupils is positively influenced by 
learning skills, which in turn are negatively influenced by bad acoustics [6]. 

When noise distractors are present in a classroom, pupils’ ability to understand can be degraded and 
the subjective perception of the sound environment can be different from a listener to another. Through 
the administration of questionnaires towards primary school children, Shield & Dockrell [10] reported 
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that pupils were annoyed more as the external noise level increased, then resulting in a reduced ability 
to hear the teacher speaking inside the classroom. To corroborate and go further to this result, Astolfi 
& Pellerey [11] proved that greater noise annoyance was observed across students when a noise source 
was internal in the classroom, i.e. other students talking in the classroom. Recently, Brännström et al.  
[12] investigated on the students’ personal ratings of perceived noise in  order to improve the 
classrooms’ design, finding a strong direct relationship between noise annoyance and verbal 
processing demand. Thus, it is evident that the learning process is affected by the sound environment. 
However, the subjective perception of it can bring to light other aspects and comorbidities that go 
beyond the students’ performance at school. In fact, the perceived well-being at school plays a crucial 
role that still needs insights, particularly at the earlier stages of education.  

Going beyond the available knowledge is therefore necessary. Most of the previous studies on 
well-being for children aged less than 11 years are instead based on questionnaires administrated to 
parents or filled in by parents or children at home, and to the Authors’ knowledge, only few works are 
available so far in literature that carried out well-being and noise disturbance surveys with first graders 
at school. This work is a pilot study that has the main aim of contributing to the knowledge related to 
the perception of well-being and noise disturbance at school. A questionnaire was properly designed at 
this work’s aim, being based on Dockrell & Shield [10], Astolfi & Pellerey [11] and Sabri et al. [13]. 
The subjective impressions were analyzed in relationship to classroom acoustic features, particularly 
to reverberation time that has been used to discriminate classrooms into “good” or “bad” acoustics.  

2. METHODOLOGY 

2.1 Participants (subjects, schools and classes) 
A total number of 367 pupils with parental consent from 20 first-grade classrooms belonging to 10 

primary schools in Turin took part in the study. Twenty-seven children were excluded from the 
complete dataset due to cognitive or hearing deficits, or due to the incorrect completion of the 
questionnaires. Pupils (55% male, 45% female) were aged 6 years (62%), 7 years (37%) and 8 years 
(1%). The 77% of them was Italian mothertongue, whereas the other 23% reported to speak another 
primary language in their family context (i.e. Romanian, Moroccan, English, German, Spanish, 
Albanian, Egyptian). Numerosity and demographic information are shown in Figure 1.  

 

 
Figure 1 – Male and female students per each classroom (black and grey, respectively), and percentage of 

Italian mothertongue subjects, class-by-class in brackets. 
 
As far as the involved schools and classes is concerned, school buildings presented significant 

differences in terms of urban location, period of construction and architectural features. They were all 
located in the city area of Torino (northern Italy), presenting different characteristics because of their 
proximity to parks or to trafficked streets, and because of the internal geometry of classrooms with 
volumes that varied between 120 m3 and 290 m3.  

2.2 Classrooms acoustic parameters 
Acoustic measurements were performed in the last two months of the school year. Measurements 
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were carried out under occupied conditions, with children inside that were on average 18 across all 
classes. The adopted protocol regarded the acquisition of acoustic parameters that are useful to 
characterize the classroom’s response to easy listening. Particularly useful for the aims of  the present 
work, the acoustic parameters of reverberation time and noise level during a silent activity in the room 
were acquired, and their measurement procedures are hereby detailed.  

Reverberation time (T20, s) was measured according to ISO 3382-2 [14]. Room impulse responses 
were acquired from three repeated 3 s exponential sine sweep signals, which were emitted by a 
TalkBox (by NTi Audio, Schaan, Liechtenstein) and recorded by a calibrated class-1 sound level meter 
(SLM, model XL2 by NTi Audio, Schaan, Liechtenstein) in several measurement points inside of each 
classroom when occupied. Frequency averages were calculated according to DIN 18041 [15] in the 
range 0.25-2 kHz.  

Background noise level (LN, dBA) was considered in terms of indoor A-weighted equivalent sound 
pressure level (LAeq). Repeated measurements were performed based on 3 min acquisitions [16]. For 
this measure, the SLM was located in two or three positions in each classroom. Noise measurements 
were carried out with children in silence, LN,sil. According to Shield & Dockrell [7] and BB93 [17], 
LN,sil recommended value must be less than or equal to 35 dBA. 

2.3 Questionnaires  
The subjective impression of well-being and noise disturbance was evaluated with children in their 

own classes by means of two separate questionnaires. Each survey was given to the pupils and a 
trained researcher, together with the teacher, assisted the compilation after each question was read 
aloud by a child in turn who was then asked to explain its meaning. In such a way,  if it was unclear or 
not understood by all the classmates, an intervention by the teacher was required in order to clarify the 
question. In both questionnaires, items were adapted for the age of the involved children (i.e. 6 years), 
considering their readability, comprehension and ease of administration. Using a back-to-back 
translation, an Italian version of the questionnaires was obtained translating the questionnaire 
developed by Sabri et al. [13], suitable for young people with special educational needs, to assess 
perceived well-being assessment, while the questionnaire on noise disturbance was adapted on the 
base of the work by Dockrell & Shield [10] and by Astolfi & Pellerey [11]. Questionnaires were filled 
in during sessions of about 40 min during one day in May 2017 and May 2018. 

 
Well-being questionnaire 
The well-being questionnaire started with an introductory section that consists in five items on 

socio-demographic information such as age, gender, number of people living at home, the quietest 
place known by the individual, primary language spoken in family. Finally, the last item of the section 
and the questionnaire is an open question where the child is asked to report an opinion about the 
feelings of their school sound environment. Then the questionnaire presents five sections: (1) 
self-esteem (questions Q1_WB, Q2_WB, Q3_WB); (2) emotional health (questions Q4_WB, Q5_WB, 
Q6_WB); (3) relationship at home and with friends (questions Q7_WB, Q8_WB, Q9_WB); (4) 
enjoyment of school (questions Q10_WB, Q11_WB, Q12_WB); (5) scale of happiness (question 
Q13_WB). Sections 1 to 4 consist in three questions each, where a three-point ordinal scale allows to 
choose the accordance among the options (a) yes, (b) not sure or (c) no, where (a) corresponds to a 
positive feeling and (c) to a negative feeling. For section 5 the evaluation scale consists in a 11-point 
scale, where pupils had to put a cross on the number of an illustrated stair corresponding to their 
perceived level of happiness where 0 corresponded to be very unhappy and 10 to be very happy. A 
visual feedback with sketches and emoticons helped in the compilation of the questionnaire.  

 
Noise questionnaire 
The noise questionnaire contained three sections: (1) perceived disturbance of specific noise 

sources (traffic, car sirens, internal noise and natural noise, respectively; questions Q1_N, Q2_N, 
Q3_N, Q4_N), (2) perceived intensity and disturbance of noise during school activities performed 
either in silence (questions Q5_N, Q6_N) or in group (questions Q7_N, Q8_N), (3) perceived voice 
quality under two situations, that is, while a classmate asks a question or while the teacher explains  
(questions Q9_N, Q10_N). The described sections were associated with three-point ordinal scales of 
evaluation, in which the judging items typically varied from the less (1) to the most (3) 
intense/disturbing response on noise source or good (1) to bad (3) voice quality. As in the well-being 
questionnaire, figures and emoticons were used to make it easier to identify the type of noise being 
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investigated and a symbology that facilitated the indication of the perceived disturbance. Finally, the 
last item of the questionnaire consisted in an open question where the child was asked to optionally add 
comments.  

2.4 Statistical methods 
The statistical analysis was carried out with SPSS (IBM Statistics 20, IBM, Armonk, NY, USA). 

Outliers in the sample were identified applying two methodologies, namely one refer ring to the 
well-being answers and the other to the noise answers. As far as the former is concerned, pupils were 
grouped through a 2-means cluster analysis based on their answer to the happiness question “rate your 
actual happiness” (i.e. unhappy children for answers from 0 to 6, happy children for answers from 7 to 
10). Then, a logistic regression has been carried out considering the membership in the group as the 
response variable and the other well-being answers as explicative variables, and the Cook’s distance, 
for every pupil has been obtained. All the pupils with a Cook’s distance higher than 0.15 have been 
recognized as outliers. As far as the noise answers is concerned, outliers have been recognized for each 
class, by the corresponding box-plots related to the means of all the given answers. 

The significance of the differences between happy and unhappy children in good and bad classroom 
acoustics, related to several factors concerning well-being and noise, as well as the differences 
between males and females, was assessed with the Mann-Whitney U Test (MWU), a test that is used 
for two groups of independent observations. The relationships between the class average well-being 
and noise disturbance scores and the acoustical parameters,  were investigated through the 
non-parametric and non-linear correlation analysis. 

3. RESULTS 
A preliminary analysis on the acoustic parameters measured in each classroom was performed and 

is hereby presented. Then, to assess a relationship between subjective impressions based on the 
delivered surveys, the analyses adopted to identify outliers led to a final sample of 326 questionnaires 
to be used. A furtherly reduced sample of 296 students, corresponding to the happy children only (i.e. 
those who answered in the range 7-10 to the happiness question), were then used for the correlation 
between the subjective and classes and schools’ characteristics. Unhappy children have been removed 
from this analysis in order to have a more homogeneous sample.   

3.1 Reverberation time and noise level in classrooms 
Figure 2 shows the measured reverberation times class-by-class. A threshold of 0.8 s was adopted to 

discriminate between good and bad acoustics, according to a number of recent studies that consider 
this value as optimal for both the speaking and the listening tasks [18-22]. Therefore, 12 classes out of 
20 resulted to be clustered as “bad acoustics”, and 8 classes as “good acoustics”.  

 

 
Figure 2 – Reverberation time in occupied condition (T20occ) class-by-class. Black and grey bins correspond 

to classes clustered as bad and good acoustics, respectively. Error bars represent T20occ standard deviations. 
 
Similarly, Figure 3 reports the background noise levels measured class-by-class when children 

were asked to be silent. In such a way it has been possible to capture the actual noisiness of all the 
classrooms, which maintained their belonging to the bad or good acoustics cluster based on the 
reverberation time criterion. 
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Figure 3 – Noise level measured while children were in silence (LN,sil) class-by-class. Black and grey bins 

correspond to classes clustered as bad and good acoustics, respectively. 

3.2 Perception of well-being and noise disturbance for males and females 
A preliminary analysis has been performed that conceived the effect of gender on the subjective 

perception of well-being and noise disturbance. Overall, no statistically significant differences were 
found for all the inquired noise disturbance aspects between males and females. With respect to the 
well-being perception, the only two aspects related to the emotional health that were felt significantly 
different between genders were related to the questions “I feel pleased with myself” and “I am a 
cheerful child”, which both resulted in lower values for males and higher for females, that is, males 
have the perception of being more pleased with themselves and more cheerful than females. 

3.3 Perception of well-being and noise disturbance in good and bad acoustics 
Figures 4 and 5 show the mean values of the answers to the questions related to the perception of 

well-being in good and bad acoustics given by happy and unhappy children, respectively. Similarly, 
figures 6 and 7 show the mean values of the answers to the questions related to the perception of noise 
disturbance given by happy and unhappy children, respectively. 

In each figure there is a direct comparison between answers given by pupils in good and bad 
acoustics. For happy pupils (figures 4 and 6), a tendency of measuring higher mean values, which 
correspond to worse conditions, in bad acoustics compared to good acoustics was found. Significan t 
differences according to the MWU (p-values < 0.05), were found for the answers to the questions 
Q6_N, Q7_N and Q8_N, which relate to noise disturbance during silence tasks, and to intensity and 
disturbance during group activity, respectively. The results  highlight the fact that noise in bad 
acoustics, either from outdoor or indoor, can be perceived as more disturbing being more amplified by 
higher reverberation. For unhappy students (figures 5 and 7) significant differences between answers 
in good or bad acoustics were only found with respect to aspects related to well-being perception. 
Particularly, differences were found for questions Q2_WB, Q5_WB and Q12_WB, which are related to 
self-esteem, emotional health and enjoyment at school, respectively.  

 

 
Figure 4 – Happy students’ mean responses on the perceived well-being. Grey and black bins refer to answers 

given in good (124 students) and bad (172 students) acoustics, respectively. Error bars are the standard 

deviations across subjects. 
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Figure 5 – Unhappy students’ mean responses on the perceived well-being. Grey and black bins refer to 

answers given in good (15 students) and bad (15 students) acoustics, respectively. Error bars are the standard 

deviations across subjects. 

 

 
Figure 6 – Happy students’ mean responses on the perceived noise disturbance. Grey and black bins refer to 

answers given in good (124 students) and bad (172 students) acoustics, respectively. Error bars are the 

standard deviations across subjects. 
 

 
Figure 7 – Unhappy students’ mean responses on the perceived noise disturbance. Grey and black bins refer 

to answers given in (15 students) and bad (15 students) acoustics, respectively. Error bars are the standard 

deviations across subjects. 

 
A correlation analysis between objective and subjective data for happy children revealed a positive 

relationship between disturbance from noise coming from outside the classroom, and in particular 
from adjacent rooms and corridor (Q3_N), and the noise level measured when the children were in 
silence, LAeq,sil. This relationship is showed in figure 8 as a linear regression between the considered 
variables, well underling as low indoor sound insulation is related to higher sound levels in classrooms 
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and consistently higher perceived noise disturbance.  

 
Figure 8 – Linear regression between happy students’ mean responses to question Q3_N (i.e. “How much 

sounds of radios or recorders coming from other classrooms or from the corridor disturb you?”) and 

measured noise level in silence (LN,sil). 

4. CONCLUSIONS 
This work investigated the relationships between objective parameters related to primary school 

classrooms, i.e. reverberation time and noise as well as intrinsic classes characteristics, and the 
subjective impression of students related to their perception of well-being and noise disturbance at 
school. Results were obtained clustering the acquired data in terms of good or bad acoustics, based on 
a reverberation time threshold of 0.8 s that was set according to literature. Also, the sub jective 
impressions of children were distinguished into answers from happy or unhappy students based on the 
judgements provided to the scale of happiness question.  

The most important outcomes of the study can be summarized as follows:  
Happy children showed a tendency of giving more negative answers when they belonged classes in 
bad acoustics, compared to happy children in good acoustics, in the perception of noise disturbance 
at school; 
Unhappy students were strongly influenced by good or bad acoustics only with respect to aspects 
related to well-being, and particularly to self-esteem, emotional health and enjoyment at school; 
The disturbance from noise coming from adjacent rooms and corridor  was found to be strongly 
correlated to the noise level measured when the children were in silence inside the classroom. 
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ABSTRACT 
Noticeably, preschool children develop language and communication, so improvement of the preschool’s 
sound environment is important. Currently, Japanese preschool facilities have experienced problems with 
noise. One cause is a lack of sound absorption. Moreover, the loudness of the generated sound is a second 
cause because preschool teachers generally believe that children’s voices should not be muted. Therefore, 
improvement of sound environment is important and should be approached from both facility design and 
child behavior philosophy. In Germany, The German standard (DIN 18041) has necessitated the same level 
of sound absorption in the nursery as in elementary schools since 2004. Under the influence of these factors, 
architectural ideas, such as increasing the equivalent sound-absorption area, are generally seen at 
preschools (Kawai et al., 2018). Therefore, we have researched the sound environment at German 
preschools and preschool teachers’ thoughts about the sound generated by children to identify ways to 
create a more acoustically comfortable learning environment. We observed three preschools and compared 
them to Japanese preschools. It was found that by implementing acoustic improvements in classroom 
design and increasing teacher awareness of appropriate sound environment, the noise levels tend to be 
lower. Consequently, it is believed that a proper acoustic environment improves overall awareness, leading 
to the creation of a better educational environment. 
 
Keywords: acoustic design, learning environment, noise mitigation, preschool classroom, teacher responses 

1. INTRODUCTION 
Preschool children generate a remarkable amount of language and communication. Because they 

can create noisy environments, preservation of the sound environment in facilities where they 
interact, such as preschools, is an important issue. Currently, Japanese preschool facilities are 
experiencing concerns about noise levels that may lead to negative effects on children’s development. 
One cause of the excessive noise is a lack of sound absorption in the facility design. Because there is 
no building standard for acoustic performance in Japanese preschool facilities, many do not contain 
adequate sound-absorbing materials and insulation (1). In addition to physical considerations of 
noise levels in the facility, there is also the social expectation that children should be lively and full 
of energy. Preschool teachers tend to have a higher tolerance of noise levels (2) and allow the 
environment to be loud, as to not interfere with the sound freely generated by the children. Therefore, 
sound environment preservation of preschool facilities requires an approach that addresses both the 
facility acoustic environment and the sound generated by children. 

On the other hand, the standards in some countries require acoustic performance equal to or better 
than that in elementary schools (3). In particular, Germany, which has similar preschool facility 
challenges as those of Japan, has found a way to address noise issues by improving both 
environmental and social systems. The German standard (DIN 18041) has necessitated the same 
                                                        
1 n-saki@akane.waseda.jp 
2 yoshizawa.hisako@gmail.com 
3 satomasayuki@waseda.jp 
4 kmiyabi.cdl@gmail.com 
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level of sound absorption in the nursery as in elementary schools since 2004. In addition, DIN 18041 
of 2016 also requires better acoustic performance for inclusive education (4). Under the influence of 
these factors, architectural ideas, such as increasing the equivalent sound-absorption area, are 
generally seen at preschools (5). On social policy, while noise problems related to children's voices 
occurred, a judicial decision has been made that “children's voices are not noise.” This decision has 
allowed legal reforms to be made (6) and guarantees the right of children to play freely.  

Based on the above considerations, this study researches the actual condition of the sound 
environment in German preschools and teachers’ thoughts regarding the sound generated by children. 
It then compares this information with that of Japanese preschools to identify how a more 
acoustically comfortable environment can be created. 

2. METHODOLOGY 
The subjects of this research include three preschool facilities under different management 

structures in Dusseldorf, Germany. The building environment is depicted in Fig.1, and the 
description of each facility is shown in Tab. 1. We visited each facility for one day in February 2017 
to perform a survey, which included a noise level evaluation and interview with the director of the 
preschool. We visited in the morning (10-12 o'clock) to conduct the research.  

Preschool A implements a Waldorf style of education. Characteristics of the facility include an 
asymmetrically shaped room, wood finishing, cloth often used for decoration, etc. Preschool B is a 
converted space located a part of a multi-unit dwelling. A loft and a play corner are installed in each 
classroom. In addition to the classrooms, there are dedicated rooms for activities such as sports and 
art. A part of the courtyard of the dwelling is used for outdoor play, and the hallway is used for play 
during rainy weather. Preschool C is a non-authorized preschool for Japanese children and located 
on the lower floor of a commercial building; this part of the building has been converted for the 
preschool classrooms. Most of the preschool teachers are Japanese. Japanese educational activities 
and lifestyle culture have been kept in mind, as children in this school eventually return to Japan. 

 
 
 
 
 
 
 
 
 

(a) Preschool A 
 
 
 
 
 
 
 
 
 

(b) Preschool B 
 
 
 
 
 
 
 
 

 
(c) Preschool C 

Figure 1 – Photos of preschool facilities 
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Table 1 – Preschool environment descriptions 

 Management Building environment Number of children [Number of 
classes] / classroom style 

A 
Authorized, parent initiative 
Kita (parent participation style), 
Waldorf education  

Single-story wooden building, 
dedicated for preschool, adjacent 
to geriatric welfare facility 

51 [3] / Multi-age classrooms: 
2–5 years old [1]; 3–5 years old 
[2] 

B 
Authorized, protestant Kita 
(management by Protestant 
mutual aid organizations) 

Within concrete square-shaped 
multi-unit dwelling (RC 
construction, 1–3F), part of the 
courtyard used for the playground 

80 [4] / Multi-age classrooms: 
2–5 years old [1]; 3–5 years old 
[3] 

C 
Unauthorized, private Japanese 
kindergarten (management by 
Japan, for Japanese children) 

Lower floor of a commercial 
building (RC construction, 1, 2F)  

105 [4] / Age-level classrooms: 
2, 3, 4, and 5 years old [1 each] 

3. Survey of the sound environment 

3.1 Survey method 
For the sound environment observations, in order to investigate the actual activity sound, we 

recorded activity status and generated sounds in the classroom and large indoor space, and on the 
playground. A sound level meter microphone (RION NL-42) and recorder (SONY PCM-M10) were 
used for gathering noise levels. We set the recording devices in a place that would not disturb the 
activities of the children and recorded the sounds for about 2 h. The calibration signal was recorded 
at the start of the recording for later analysis. A typical observed classroom is shown in Fig. 2. In the 
analysis, the frequency analysis of the recorded sound and listening of the generated sound source 
were conducted to extract the characteristics of the sound environment of each facility. 

 
 
 
 
 
 
 
 
 
 
 
 

Fig. 2 – Typical classroom where sound was recorded 

3.2 Survey results 
3.2.1 Room acoustics at various locations 

Based on the interior environment and recorded sound source of the facilities, the state of 
reverberation is described. The reverberation time (reverb) was simply analyzed using a “clap” 
sound recorded in the classroom of Preschool A and in the hallway of Preschool C. 

First, the reverb of the classroom of Preschool A was estimated to be approximately 0.38 s (500 
Hz) and 0.40 s (1 kHz). The finishing material of the room was wood, and it was believed that a 
sound absorbing treatment had been applied to the ceiling. In addition, many cloth decorations were 
used, so we had an impression that the reverb for this room was short. When the sound source for 
this room was compared with the sounds emitted in the classrooms of Preschools B and C (i.e., 
sounds close to the impulse sound source), the impression was that the reverb was short in those 
classrooms as well. 

Next, the reverberation time of the large indoor space (entrance hall) of Preschool C was found to 
be approximately 0.87 s (500 Hz) and 1.23 s (1 kHz). No sound-absorbing material was used at this 
location; the area was large and the ceiling was high. Therefore, the impression of the reverb was 
that it was very long. Because this was a large space, it seemed to be often used for physical exercise 
and musical activities. It was feared that such a long sound would interfere with the activity. 

Microphone 
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3.2.2 Characteristics of the sound environment during preschool activities 
The characteristics of the sound environment during preschool activities were observed, which 

included listening to the recorded sound and frequency analysis. First, Tab. 2 shows the 
characteristics of the facility environment and the sound environment. 

 
Table 2 – Sound environment characteristics based on facility environment 

 Facility environment Generated sound / Impression of reverb / Noise condition 

A 

Wood finishing 
Wooden furniture and play equipment 
Play corner setup 
Cloth decoration 
Warm light environment 

Lots of sound generated from wooden floors, furniture, 
and toys 
Short reverb 
Mixing of sounds is small, it is easy to hear 

B 

Play corner setup 
Wooden furniture 
Loft, mat, and sofa permanent setup 
Additional dedicated rooms for sports or art 
Hallway used as play space 

Little noticeable sound 
Sound absorbing material on ceilings of the rooms other 
than the staff room and toilet  
Short reverb 
Mixing of sounds is small, calm impression 

C 
Includes a hallway and a multipurpose space 
Room configuration changes based on group 
activities 

Children's voices are the main sound source 
Short reverb in classrooms, long reverb in hall 
Impression that sound was mixed overall 

 
Play corners were always set up in the classrooms of Preschools A and B; in Preschool C, only 

desks and chairs were included, and the furniture was moved around according to each activity. In 
terms of play equipment, furniture, and materials for decoration, the classrooms in each facility 
differed. This is likely due to the differences in education approaches. Regarding generated sound, 
only Preschool C emitted loud sounds all at once in the classroom; this might have been during 
greetings when all the children used loud voices, teachers making loud sounds or playing music, etc. 
In contrast, there were no situations where particularly loud sounds or voices were used in 
Preschools A and B. 

Next, the sounds during the activity are described. In the analysis of sound pressure level, we 
calculated the equivalent continuous sound level every minute (Leq,1min), listened to the recordings, 
and classified which activity each data element corresponds to. Fig. 3 shows the analysis results of 
Leq. The analysis time is the energy average of the sound pressure level of each activity time. The 
sound environment characteristics summarized by listening are given in Tab. 3. In order to compare 
these results with those of preschools in Japan, the case in Japan (Preschool D) is also described. The 
reverberation time in Preschool D was approximately 0.78 s (500 Hz) and 0.81 s (1 kHz). Note that 
this reverberation time was longer than Preschool A. 

 
Table 3 – Sound environment characteristics based on activity 

Activity Sound environment characteristics 

Free activity in 
classroom 

A, B: Calm play with little movement 
C: Craft scene, children are working while talking 
C, D: Many children’s voices 

Free activity on the 
playground 

A: (1) Generally quiet, (2) Noise level goes up following the loud voice of one 
disabled child 

B: Children play actively and are relatively lively, influence of building reflections 
is inferred because of courtyard setting 

Singing B: Voices only, children sing quietly 
C, D: Includes piano accompaniment, C’s children participate in lively singing 

Reading picture book 
Common: A generally quiet environment compared to other activities for all 
Difference: The difference between A, B, and D is the children’s voices (1–2 kHz 
octave band). 
A, B: The voice of the teacher is primary, quieter sound environment 
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 (a) Free activity in the classroom     (b) Free activity on the playground 
	 

	 

	 

	 

	 

	 

	 

	 

	 

	 

	 

(c) Singing       (d) Reading picture book 
Figure 3 – Sound pressure level for each activity 

	 

It can be pointed out that the sound pressure levels are higher in Preschool C and in Japanese 
preschools than in Preschools A and B. From the generated sound observations, it was found that the 
center of the liveliness was the children's voices (1–2 kHz octave band) and sounds of toys (250–500 
Hz octave band). 

During the free activity in the classroom, there was a tendency of each person’s voice becoming 
louder in Preschool C because there were a large number of children in the room, population density 
in the facility was high, and nearby voices were mixed. In addition, it is believed that this tendency 
became louder because the reverb of Preschool D was long. On the other hand, at Preschools A and 
B, children were also talking, but they had an environment where they could talk independently, 
without mixing with other play and talking voices; this prevented their voices from becoming 
synergistically loud. Consequently, in Preschools A and B, the level of the noise and the voice (1–2 
kHz octave band) were lower than those in Preschools C and D, and there was a calm impression. 

During the free activity on the playground, the sound environments of Preschools B and D were 
similar, and the sound pressure level tended to increase as the children played actively. In Preschool 
A, the number of children was small, and the surrounding environment was quiet; therefore, it also 
tended to be quiet outside. During playing time, one disabled child used a loud voice for about 5 min 
(Fig.3 (b): A(2)); at that time, the noise level was temporarily raised to the same level (LAeq) as in 
Preschools B and D. However, the level of the generated sound itself was low, and the calm 
environment was maintained. 

During the singing activity, there was a noticeable difference between Preschools B and C. In 
Preschool C, a piano was used, and everyone was singing loudly. In Preschool B, accompaniment 
music was not used, and the teacher sang quietly in the circle with the children. Comparing with the 
cases in Japan, Preschool C seemed to enjoy the songs at the same level as Preschool D, while 
children at Preschool B sang calmer than Preschool C and D. 

During the reading picture book activity, the environment for listening quietly was similar. The 
difference was the amount of the children's vocalization. In Preschools A and B, the voices of the 
children were low and the teacher's voice (500 Hz, 1 kHz octave band) was the most prominent. 
However, in Preschool D, the level of the children’s voice (1–2 kHz octave band) was high, and 
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multiple children were actively responding at the same time. 
The above observations suggest that the generated sound differs depending on the style of 

education, such as how the preschool teachers relate to the children, the number of children, and the 
preschool activities. A long reverb in the facility amplifies the sound level; however sound 
absorption design makes it possible to avoid the mixing of sounds to maintain a calm environment. 
For comparison, sound absorption in building design has been implemented in Germany, whereas it 
has not been implemented in Japan. Therefore, there are still many preschool facilities in Japan 
where the reverb is long. Because of this and the difference in the style of education, it is believed 
that German preschools tend to have a quieter and calmer environment than Japanese preschools. 

4. Preschool teachers’ thoughts about sound generated by children  

4.1 Survey method 
To investigate preschool teachers’ responses to sound generated by children, an interview was 

conducted with one director at each facility; these were semi-structured interviews with two 
interviewers and one interpreter. The questions involved considerations about early childhood 
education, such as educational philosophy, current activity status, sound environment during the 
activity, behavior of children, influence of neighborhood, and associated issues. Example questions 
on the sound environment during the activity are given in Tab. 4. 

 
Table 4 – Example questions on the sound environment during activity  

1) The sounds that the teachers are concerned 
  Are there any scenes where the sounds concern? 
2) Voice of children 

Have you ever felt that children are noisy? / How do you respond when you feel that children are 
noisy? / Do children ever shout or use loud voice during the activity? 

3) Instruction about children’s voicing 
Do you teach children how to vocalize or sing? / When do you feel that children's vocalization is a 
problem? How do you respond then? 

4) Vocalization of the preschool teacher 
Is there anything that you take care about with respect to vocalization? / Have you ever had specialized 
training for vocalization? / What kind of education did you receive on educational behavior? 

5) Comparison with Japan 
Have you ever been concerned about with the reverberation of the classroom? / Do you adjust the 
environment considering the sound environment? 

4.2 Survey results 
The result of the interview is given in Tab. 5. 
 

Table 5 – Sounds that teachers are concerned about and their responses 

 ◇The sounds that teachers are concerned about 
▲Sounds pointed out by outsider 

◎Educational behavior 
＊Environmental modifications 

A 

◇Play sound when the children are not calm 
◇Tidying up time 
◇Behavioral sounds of autistic children 
◇Sound of objects (especially the sound of 

wooden chairs and toys hitting wood floors) 

◎Humming with commonly known songs to encourage 
children’s independent behavior (e.g. cleaning up) 

◎Talk privately to bustling children 
◎Keep teacher’s calm 
◎Do not stop the behavior of disabled children 
＊Set a calm lighting environment 

B 
◇Sound during indoor play when stress tends 

to build up, such as when it rains 
▲Active play sound when outside playing 

(voices, laughter, etc.) 

◎Teachers wait for lively children to notice group 
behavior first and talk to them individually if needed 
＊Modify the hallway ceiling with sound-absorbing 

material so that it can be used as a active play space 
＊Apply soundproofing measures to wheels of 

playground equipment (bicycles, etc.) 

C ◇Crying voices 
▲Excited voices when carrying pool outdoors 

◎Respond individually to crying children 
◎Talk with the children to calm them down when 

excited 
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At Preschool C, there was a tendency to generally accept the voice levels of the children, which is 
common in Japanese early childhood educational culture (2). In contrast, in Preschools A and B, it 
appeared that teachers thought that too much liveliness was an issue. In these preschools, teachers 
seemed to be involved with children who are talking loudly, such as waiting for their awareness or 
talking personally. In other words, even if the noise was caused by a child's voice, it was understood 
that teachers treated the voice as "noisy" when it was inappropriate; they would then show the child 
the desirable behavior. 

At Preschool B, there was a case where teachers suggested modifying the sound absorption 
specification of the hallway so that it could be used for more noisy activities. Such vocal examples 
are rarely found in Japan. This indicates that the teacher recognized the importance of sound 
absorption. It was believed that this recognition might be because this teacher had experienced the 
effectiveness of high sound absorption efficiency and understood how a noisy environment can 
influence educational activities. 

At Preschool A, which carries out Waldorf education, the importance of educator behavior, such 
as, “We try to create a sound environment that sounds can be transmitted as such,” or “Teachers 
should first appreciate the importance of remaining calm when speaking to children,” was discussed. 
The sound environment of Preschool A was calm, and it was an environment where each child's 
voice could be heard without sound mixed. It has been suggested that such environment helped the 
teacher to work better with children and deepen their play.  

From these observations, it was found that teacher awareness of noise and their responses to the 
sounds generated by children differ between Germany and Japan. It is also believed that in Germany, 
there is a purposeful educational intent in controlling sound levels in the classroom so as to improve 
collaboration with the educational environment and other children. 

5. CONCLUSIONS 
In this study, we investigated the sound environment and teachers’ thought about sounds emitted 

by children in German preschools to identify how a more acoustically comfortable environment can 
be created. The German preschools were found to differ from Japanese preschools in aspects such as 
facility acoustic design, social systems, and early childhood educational culture. First, as described 
in our previous study (5), Germany has implemented a sound-absorption design requirement for 
indoor activity spaces in preschools. Because of this, not only acoustic experts but also preschool 
teachers recognize the need for sound absorption in teaching spaces. This recognition may be 
because noise disturbances and the associated negative effect on children’s activity are more 
noticeable once a calm, quieter, and higher-efficiency environment becomes the norm. An 
educational environment with better sound environment also allows the preschool teacher to be more 
aware of the disturbance by noise and long reverberation, and can help them to adjust their behavior 
appropriately. These approaches to mitigating preschool noise in areas of facility design, play 
equipment, furniture, etc. as well as teacher responses to sounds generated by children were 
implemented in the German preschools. As a result, the sound environment in the German 
preschools was quieter. 

This study suggests that differences in preschool environmental standards and teacher behaviors 
are driven by differences in the cultural views of education and children; ultimately, this causes 
noise levels in the preschools to be different. This study also suggests that a proper acoustic 
environment improves human awareness and leads to the creation of a better educational 
environment. 

Finally, in Germany, while the voices of children are legally not considered noise, this does not 
mean that disruptively loud voices should be accepted; it only means that the normal activities of 
children (and associated noise) should not be limited. That the liveliness of the children should be 
tolerated was likely determined by professionals of early childhood education. Therefore, to create a 
better sound environment for children in Japanese preschools, we are now working on the 
development of acoustic performance standards. Future research is expected to include expanding 
discussions on the sounds emitted by children in the field of early childhood education. 
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ABSTRACT 
This study investigated the effect of degraded listening conditions and speech rate on children’s answer 

accuracy and response time in a speech perception task. Fifty-three normally-developing children (aged 5-6 
years) listened to 72 pseudo-word pairs presented at two different speech rates (normal and fast) and four 
different listening conditions (normal voice in silence [control], dysphonic voice in silence, normal voice in 
speech-shaped noise (SSN) at 0 dBA SNR, and dysphonic voice in SSN at 0 dBA SNR). The participants had 
to decide whether the pseudo-words were the same (e.g. /filam/ - /filam/) or different (e.g. /mafin/ - /nafin/). 
For either speech rate, degraded listening conditions were found to significantly decrease answer accuracy. 
Regarding response time, speech rate interacted with listening condition: At fast as opposed to normal speech 
rate, children responded slower to normal voice in SSN but faster to the three other listening conditions. Our 
findings suggest that speech signal degradations may disrupt children’s speech perception even at normal 
speed. Speech rate might influence the extent of listening effort associated with adverse listening conditions. 
A good quality and adequate transmission of the speech signal may help children to listen effectively. 
 
Keywords: Speech rate, Signal quality, Speech perception 

1. INTRODUCTION 
Children’s ability to process spoken language matures until late adolescence (1-2). The younger 

the child, the more vulnerable it is to degradations of the speech signal (3). This is problematic as 
listening conditions are rarely optimal. Noise and poor signal quality represent typical sources of 
acoustic interference in classrooms and other environments (4). With regard to children’s spoken 
language development and academic performance, a careful investigation of how such speech signal 
degradations affect spoken language processing is crucial. It is also important to assess whether a 
speaker may adopt certain speaking styles, such as slow or high speech rate, to improve intelligibility 
in noisy environments.  

In favorable listening conditions, it has already been shown that a speaker’s speech rate may 
influence children’s spoken language processing (5-6). A study by Hayiou-Thomas and Plunkett (6) 
tested 6-year old children’s performance in a grammaticality judgement task, presented at normal 
versus fast speed (i.e. 50 % duration of normal speed). At fast speed, children detected significantly 
fewer grammatical violations than at slow speed. In a more recent study, Haake et al. (5) presented 6-
year old children with a sentence-comprehension task at normal, slow (i.e. duration expanded to 
160 %), and fast speed (i.e. duration compressed to 60 %). Again, children made significantly more 
errors at fast speed compared to slow or normal speed. Contrary to these two studies, Montgomery et 
al. (7) did not observe such impeding effects in a simple word recognition task, performed by 8 -year 
old children. It appears that the negative impact of fast speech rate on children’s spoken language 
processing is restricted to tasks demanding sufficiently high processing costs.  

Apart from linguistic complexity, processing costs may rise when the speech signal i s acoustically 
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degraded (8). At the stage of signal transmission, background noise, such as babble-, classroom-, or 
cafeteria noise, is the major source of acoustic speech degradation faced by children (4). Moreover, a 
speaker’s voice impairment, also referred to as dysphonia, may lead to speech signal degradations (9). 
This latter form of degradation takes place at an earlier point in time, during the production of speech. 
Evidence indicates that listening to speech in noise or a dysphonic speaker may nega tively affect 
children’s performance and response latency in listening tasks, such as phoneme discrimination (9-
10), word recognition (11), word recall (12-13), and sentence- or passage comprehension (14-18). 
This effect may be explained by the widely accepted theory that cognitive capacity is limited (8). 
When listening to acoustically degraded speech, more capacity may be allocated to the processing of 
irrelevant signal features, thus leaving fewer resources to process the relevant information (17). 

Little is known about the interaction of speech rate and listening condition on how children process 
speech. The aim of the present study was to determine children’s perception of normal and acoustically 
degraded speech at two different speech rates (normal versus fast). Performance and response times 
were measured in a speech perception task. In the light of the theory of processing capacity limitations, 
we hypothesized that acoustic degradations would impede children’s speech perception performance 
and that this effect would be stronger for fast speech rate. Moreover, we expected children to require 
longer response times to process degraded speech at fast speed than at normal speed.  

2. METHODS 

2.1 Participants 
The study sample consisted of 53 children, aged five to six years old (M = 6;4, SD = 0;3), who 

complied with the following inclusion criteria: 1. first-grade primary school student, 2. French native 
speaker, 3. hearing threshold ≤ 25 dBA for octave frequencies between 500 and 4000 Hz, 4. no history 
of auditory impairments or speech-language disorders, 5. normal or above normal receptive lexical 
skills (subtest LexR of the Épreuve du Langage Orale (ELO) [Oral Language Assessment] (19), and 
6. normal or above normal selective attention skills (subtest Attention et Fonctions Executives 
[Attention and Executive Functions] of the Bilan NEuroPSychologique de L’Enfant 2 (NEPSYII) 
[Developmental NEuroPSYchological Assessment] (20-21). Children were recruited from five 
randomly selected primary schools in the French-speaking part of Belgium. 

2.2 Speech Perception Task 
A digitalized version of the Épreuve Lilloise de Discrimination Phonologique (ELDP) (22) was 

used for this study. The ELDP is a two-alternative forced-choice (2AFC) speech perception task that 
assesses children’s ability to discriminate between similar sounding pseudo-words. It contains two 
lists of 36 French pseudo-word pairs. The first list is presented at normal speech rate; the speed 
reference was provided by another listening task designed for 4-8 year old children, the EDP 4-8 (23). 
The second list is presented at fast speech rate; those items were recorded ~30 % faster than normal 
speed items (22). Pseudo-word pairs consist of either two identical items (e.g. /zil/ - /zil/) or two 
slightly different items (e.g. /zil/ – /zij/), with a length of up to three syllables. Children are instructed 
to listen to the pseudo-word pairs and decide, whether items were identical or different.  

2.3 Listening Conditions 
For the purpose of our experiment, we newly recorded the two ELDP pseudo-word lists with a 

head-mounted condenser microphone (AKG C 544 L), and digitalized them at 44.1-kHz sampling 
frequency with a 16-bit resolution. A female voice expert read the list  at normal speech rate and the 
list at fast speech rate in her normal voice and while imitating a dysphonic voice. These voice samples 
are freely available online (24). Acoustic and perceptual evaluations of the voice qualities confirmed 
the absence of a voice problem for the normal voice, and a moderate to severe impairment for the 
dysphonic voice (25). The two voice qualities were merged with speech-shaped noise (Stipa signal, 
[26]) at 0 dB SNR. This resulted in four listening conditions:  

• C1 = normal voice in silence (control) 
• C2 = dysphonic voice in silence 
• C3 = normal voice in speech-shaped noise at 0 dB SNR 
• C4 = dysphonic voice in speech-shaped noise at 0 dB SNR 
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Irrespective of speech rate, the two pseudo-words of a pair were separated by a pause of 0.5 seconds. 
In speech-in-noise conditions (i.e. C3 and C4), this pause was filled with SSN as shown in Figure 1. 
Figure 1 also provides time-related information for normal speed and fast speed items.   

 
 

Figure 1: Exemplary illustration of a speech-in-noise item consisting of a pair of pseudo-words. The upper 

part of the figure shows oscillograms of the noise signal and the speech signals. The lower part of the figure 

reports average pseudo-word duration and item duration as a function of speech rate. 
 

2.4 Procedure 
Children were individually tested in a quiet room at school. The speech perception task was 

presented with a touch-screen laptop (Dell Latitude 5480) using Open Sesame software (27). Speech 
stimuli were played back via headphones (AKG K 271 MK II) at comfortable hearing  level. After 
each pseudo-word pair, two response images appeared on the screen, allowing the child to indicate  
(via touch response) whether the stimuli were identical or different. Each subsequent item was 
manually initiated by the experimenter after ensuring that the child was still attentive. In a within-
subjects design, each participant listened to eighteen pseudo-word pairs per listening condition (i.e. 
C1-C4), counterbalanced by means of an algorithm provided by Open Sesame (27). This means that 
listening conditions varied randomly across items. The first 36 trials were presented at normal speed, 
the second 36 trials were presented at fast speed. Outcome variables were task performance (i.e. 
probability of correct vs. incorrect responses) and response times of correct trials (i.e. time elapsed 
from stimulus offset to touch response). Response time was measured to indirectly evaluate ch ildren’s 
listening effort related to processing degraded speech at normal and fast speed. Data were analyzed  
by means of generalized linear mixed-effects models (GLMM) with a binomial family and logit link 
function, using R software version 3.3.2 (28). 

3. RESULTS 

3.1 Task Performance 
A GLMM with the fixed effects noise and voice quality revealed a highly significant effect of 

listening condition on task performance (χ2(3) = 177.16, p ≤ .001). However, the performance 
difference regarding normal versus fast speed (i.e. M = .77, SD = .066 versus M = .74, SD = .072) was 
not significant (χ2(1) = .312, p = .756), nor was there an interaction between speech rate and listening 
condition (χ2(3) = 5.7613, p = .124). Figure 2 presents the mean probability of correct responses with 
respect to listening condition and speech rate. For normal speed, task performance gradually declined 
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from C1 (M = .89, SD = .025) to C2 (M = .82, SD = .037), C3 (M = .72, SD = .05), and C4 (M = .61, 
SD = .057). The GLMM followed by a Tukey HSD post-hoc test, adjusted for multiple comparisons, 
confirmed that each listening condition at normal speed significantly differed from the others (p-
values ≤ .01). For fast speed, we found a similar decline in task performance from C1 (M =.88, SD 
= .027) to C2 (M = .76, SD = .044), C3 (M = .64, SD = .056), and C4 (M = .63, SD = .056). Tukey 
HSD testing confirmed that C1, C2, and C3 were significantly different from one another, and C4 was 
significantly different from the C1 and C2 (p-values ≤ .01). There was no significant difference 
between C3 and C4 (z = -.103, p = .92).  

 

 
 

Figure 2: Estimated probability of correct responses as a function of listening condition and speed. 

Listening conditions align on the x-axis: normal voice and no noise (C1), dysphonic voice and no noise 

(C2), normal voice and SSN (C3), and dysphonic voice and SSN (C4). Error bars represent SD. 

 

3.2 Response Time 
Regarding response time, a GLMM revealed a significant interaction between speech rate and 

listening condition (χ2(3) = 216.680, p < .001). Tukey HSD post hoc testing, adjusted for multiple 
comparisons, showed response time differences between fast and normal speed were significant for 
C3 (z = 3.14, p = .036) and C4 (z = 10.43, p < .001), but not C1 (z = -1.52, p = .8) or C2 (z = -.49, p 
= 1.0). The interaction is observable in Figure 3, which presents mean response times as a function of 
listening condition and speech rate. Response times for C3 (i.e. normal voice in noise) were on average 
107 ms longer at fast versus normal speed (i.e. M = 2018 ms, SD = 19 versus M = 1911 ms, SD = 28). 
This pattern was reversed for C4 (i.e. the combination of noise and dysphonic voice), where response 
times were on average 160 ms shorter at fast versus normal speed (M = 1906 ms, SD = 23 versus M = 
2066 ms, SD = 21). Overall, Figure 3 highlights the increase in response times under conditions of 
degraded listening (i.e. C2-C4) as compared to the control condition (C1).  

 
 

 

5929



 

 

 
 

Figure 3: Estimated response times (in ms) as a function of listening condition and speed. Listening 

conditions align on the x-axis: normal voice and no noise (1), dysphonic voice and no noise (2), normal 

voice and SSN (3), and dysphonic voice and SSN (4). Error bars represent SD. 
 

4. DISCUSSION 
This study examined how speech rate and acoustic signal degradations may influence children ’s 

performance and response times in a speech perception task. Children performed worse and responded 
slower when noise or speaker’s impaired voice interfered with the speech signal. There was a trend 
for a negative impact of fast speech rate on children’s perception of degraded speech. Surprisingly, a 
significant interaction between listening condition and speech rate revealed that children took more 
time to respond to speech-in-noise when listening to the normal voice compared to the dysphonic 
voice. These findings are discussed in more detail below.  

The observed decline in children’s answer accuracy under conditions of acoustically degraded 
speech confirms our hypothesis that acoustic degradations would impede children’s speech perception 
performance and supports results from past research (9-11, 13-16). When listening to speech in noise 
at 0 dB SNR, children made significantly more processing errors, especially when the speaker’s voice 
was degraded. It seems likely that noise and dysphonic voice may also compromise children’s speech 
perception in real-life situations. If signal degradations hamper the correct analysis of critical 
phonemes, higher-level listening comprehension might also be affected. Future experiments with a 
under more realistic conditions are needed to confirm this notion.  

In line with ELDP reference data (22), children tended to perform better at normal versus fast 
speech rate. However, there was no interaction between speech rate and listening condition with 
respect to task performance. This surprised us as we expected fast speech rate to pose an additional 
challenge for speech perception in already difficult listening conditions. One possibility is that the 
speed difference between normal and fast speech rate (i.e. 30 %) was too small to yield an effect. 
Recall also that pseudo-word pairs were presented in isolation with unlimited response time and short 
interruptions between items. With regard to listening effort and processing costs, this paradigm is less 
challenging than paradigms in which longer speech segments are presented or response time 
restrictions are applied. Beyond that, we cannot be certain whether the children’s perception of the 
two speech rates is actually in agreement with the intended speech rates (i.e. normal and fast). This 
uncertainty is worth investigating in a future perceptual experiment. 

Results did not confirm our hypothesis that children would be slower at processing acoustically 
degraded speech at fast speed than at normal speed. What we found was that children required more 
time to process speech presented in noise and/or dysphonic voice , which supports the findings of past 
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studies (16, 18). Results also revealed an interaction between listening condition and speech rate, but 
this interaction was difficult to interpret. At normal speed, response latencies were longest for 
dysphonic voice in SSN. At fast speed, however, response latencies were longest for normal voice in 
SSN – a condition we assumed to be less effortful. Methodological issues might help explain this 
finding. Recall that the task implied a 2AFC design with encouraged guessing. If our assumption was 
true, and dysphonic voice in SSN at fast speed was indeed most difficult to process, more children 
might have fallen back on a guessing strategy, resulting in a performance of ~50 % correct. In this 
case, a high proportion of quick but random correct trials would have fed into the response time 
analysis of this condition. A closer investigation of this speculation was beyond the scope of this paper.  

Taken together, our results indicated that first-grade primary school children were negatively 
affected by acoustic degradations when processing speech. The effect of speech rate on the processing 
of degraded speech remains inconclusive. To this respect, future studies could benefit from 
methodological adaptations, such as (1) increasing the speed difference between normal and fast 
speech rate, (2) collecting subjective data on the perception of experimentally set speech rate s (3) 
imposing response time restrictions to increase working memory load, or (4) using a task with longer 
speech segments, such as sentences or passages. 

5. CONCLUSION 
Speech-shaped noise and a speaker’s dysphonic voice may interfere with speech perception in 

children. A combination of noise and dysphonic voice may be especially detrimental. The present 
study does not allow a clear conclusion regarding the effect of speech rate on children ’s perception of 
degraded speech, although there was a tendency for fast speech resulting in more speech processing 
errors than a normal speech rate. Future research is necessary to explore the interaction between 
speech rate and listening condition with regard to response times. Our results may be relevant for 
various kinds of listening situations in which children listen and learn, because impeded speech 
perception may potentially affect higher level listening comprehension. They highlight the importance 
of monitoring and improving quality and transmission of the speech signal directed towar ds young 
listeners. Providing voice training to the speaker may enhance the signal quality, while acoustic room 
adjustments that reduce background noise may allow better signal transmission.  
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ABSTRACT 
Students in higher education work for a large part of their time in rather noisy open-plan study environments 
(OPSEs). A recent field research has shown that almost 40 percent of the students were 'much' to 'very much' 
disturbed by background noise while working in an OPSE. Moreover, the students indicated that they were 
very disturbed by the background noise when they were studying for an exam. Although the influence of 
background noise on different cognitive tasks has been shown in many studies, little is known about this 
student task. Therefore, the aim of this work is to analyze the influence of background noise on the 'studying 
for an exam' task in an OPSE. For this experiment a set of tasks was developed to simulate 'studying for an 
exam'. As output measures, the performance of students was measured while performing the simulated 
studying task in different realistic background sound scenarios. These sound scenarios varying in background 
speech and room acoustics were developed using computational acoustic modelling of an existing OPSE and 
applying auralization with student voices. In the current paper the research design and first results of the 
experiments are presented. 

Keywords: Open-plan study environment, Studying, Background speech, Task performance, Disturbance 

1. INTRODUCTION 
New learning methods in higher education have led to a diversity in learning environments for 

students. Not only classrooms but also informal learning settings such as open-plan study 
environments (OPSEs) become increasingly important (1). An OPSE is a learning environment meant 
for students to work on their individual and group tasks (2). In addition to newly designed OPSEs, a 
growing number of former libraries has been converted into OPSEs due to advanced digitalization (3). 
A study with 500 students, equally divided over 5 OPSEs, has shown that 64 % of the students was 
disturbed by the background sound from which 38 % of the students was much to very much disturbed 
(2). Despite the importance of OPSEs and the high percentage of noise-disturbed students there are 
no recommendations for the acoustic requirements of those environments. 

This field study on OPSEs (2) has shown that students are mostly disturbed by background speech 
while performing cognitive tasks such as reading, writing and studying for an exam. A developed 
construct to clarify disruption of cognitive tasks by background noise is called the "Duplex-
Mechanism Account of Auditory Distraction"(DMAAD) (4, 5). This theory describes two mechanisms 
responsible for disruption of cognitive tasks by background noise: 'attentional capture' and 
'interference of processes'. When we consider irrelevant background speech, disruption by attentional 
capture arises from sudden or abrupt changes in a speech signal like AAABAAA, or by specific 
information in the speech, like for instance your own name. This suddenly changes, or specific 
information can cause interruption of the focus task. The other mechanism: interference of processes, 
occurs if the unintended processing of the background speech interferes with the intended processes 
of the focus task. For instance, if students perform a semantic task it will interfere with the unintended 
processing of background speech which is also a semantic process (6). More intelligible and 
meaningful background speech will interfere more with a semantic task like reading or writing then 
less intelligible and less meaningful background speech (7, 8, 9, 10).  
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The intelligibility of background speech can be influenced by the room acoustics of an OPSE, as 
a more reverberant room will reduce intelligibility through reflections and due to the increase of the 
sound level of other background sounds that mask the speech signals (11). Therefore, a good room 
acoustic design of an OPSE is a key factor in creating a comfortable and productive learning 
environment. 

In the earlier mentioned field study on OPSEs (2), students indicated 'studying for an exam' to be 
the most disturbed task they perform in an OPSE. Preparing an examination is a complex task and 
although there is a great variety of examination formats and topics, exams in higher education share 
a common basic characteristic, they should require higher order thinking skills and encourage greater 
conceptual understanding (12). A frequently used model to describe a classification of cognitive skills 
is Bloom's taxonomy (13, 14). This taxonomy contains six categories of cognitive skills with 
increasing complexity: knowledge, comprehension, application, analysis, synthesis and evaluation. A 
later revision of this taxonomy changed the categories in more skills-based levels: remember, 
understand, apply, analyze, evaluate and create (15). Therefore, when students in higher education 
prepare for an exam they do not only have to remember and understand knowledge but also be able to 
apply, analyze, and evaluate that knowledge. ‘Creating’, the highest cognitive level in Bloom's model 
is generally tested in (multidisciplinary) projects. 

In this experiment the influence of the background speech on 'studying for an exam' in higher 
education will be investigated by using a set of assignments testing higher cognitive skills. We 
hypothesize that the intelligibility of background speech will have a negative influence on studying 
performance and will be correlated with the perceived disturbance of the students.            

2. MATERIALS AND METHODS 

2.1 Participants 
Until now 33 students recruited from Avans University of Applied Sciences took part in the 

experiment. The students (13 female and 20 male) were between 17 and 26 years old (mean=19.9). 
The students received an internet voucher or student credits as compensation for participation.  For the 
complete experiment 60 students will be recruited (based on a power calculation).  

2.2 Background sound scenario's 
Four background sound scenarios were developed, one quiet scenario (reference) and three 

scenario's containing background speech. The background speech scenario's varied in intelligibility. 
They were constructed by auralizations based on computed impulse responses of two room acoustic 
models, both variations of an existing OPSE at the Eindhoven University of Technology. The 
computational modelling and auralization was performed using Odeon (version 12.12). From the 
original model of the existing OPSE a more sound absorbing scenario was taken by applying sound 
absorbing materials instead of the real materials such as carpet on the floor, an absorbing ceiling and 
perforated panels on the walls. Additionally, a more reverberant scenario was taken by applying sound 
reflecting materials such as linoleum on the floor, a concrete ceiling and walls of unperforated panels 
and concrete. Furthermore, the number of talkers in the background varied. This resulted in the 
following sound scenarios: 

Table 1 – Background speech scenarios. 

Sound Scenario Reverberation Background Speech Sound Level LAeq 

Background Speech 

A&3T Absorbing (T30=0.6s) 3 Talkers 41 dB(A) 

A&14T Absorbing (T30=0.6s) 14 Talkers 54 dB(A) 

R&14T Reverberant (T30=2.3s) 14 Talkers 64 dB(A) 

 
The background speech consisted of stories of students about their studies, hobbies and work, 

recorded in a sound absorbing room and convolved with the binaural impulse responses calculated by 
Odeon. The quiet sound signal (Q) in the control condition was a pink noise signal with the same 
sound level as the background noise measured in the existing unoccupied OPSE (30 dB(A)). 
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Figure 1 – Floor plan of the modelled OPSE. Positions of receiver (Listener) and fourteen sound sources 

(Talkers), with the lines indicating the listening and talking direction. Dimensions in mm.  
 

2.3 Task: studying for an exam  
The task 'studying for an exam' was simulated by a set of assignments . At first students were 

instructed to study an informational text about which they were to be examined later. The texts were 
selected from 'The State Exams Dutch as a second Language (NT2)' which are the national language 
proficiency exams for non-native adult speakers, who want to start a study at a Dutch University or 
want to work in the Netherlands. The selected texts were all the same length and were tested to have 
a similar level of complexity in a pilot study.  

To simulate the time gap and diversion from the topic between studying the comprehensive reading 
text (studying for an exam) and answering the questions about the text (doing an exam),  which is the 
case in a real study situation, a time interval and extra activities were introduced. The chosen tasks 
were all up to the standard of a beginning bachelor student. One assignment was to judge conclusions 
drawn from two statements on validity, a so-called syllogism or formal logical test (16). A well tested 
set of syllogisms, developed by Making Moves B.V. (2019), was used. Subsequently, students were 
asked to solve mental arithmetic problems. Finally, the subjects had to answer questions about the 
informational text they had been studying at the start of the experiment.  

The set of assignments covered all levels of higher order thinking, in accordance with Bloom's 
revised taxonomy (15): remembering (reading comprehension, mental arithmetic), understand ing 
(reading comprehension syllogism, mental arithmetic), applying (mental arithmetic), analyzing 
(reading comprehension, syllogism, mental arithmetic) and evaluating (reading comprehension, 
syllogism). No ‘creating’ elements were included in the assignments, the highest level of cognitive 
tasks in Bloom's taxonomy. This choice was made to reduce the duration and complexity of the 
experiment. 

 

2.4 Design  
A within-participants design was used with repeated measurements. Three different sound 

scenarios with varying intelligibility of the background speech were used (Table 1) and one quiet 
reference sound scenario. The sound environment in the scenarios was varied by changing the 
reverberation time and the number of background talkers in the OPSE. As dependent variable the 
performance of 'studying for an exam' was measured by the number of right answers to the 
comprehensive reading test. Furthermore, perceived disruption of the participants was measured by a 
questionnaire after each set of tasks. The questionnaire was based on ISO/TS 15666 'Acoustics -
Assessment of noise annoyance by means of social and socio-acoustic surveys' (17).  

.  
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2.5 Procedure 
The experiment was split up in two parts divided over two days due to the length of the whole 

experiment. At the first day, the set of assignments (Table 2) was tested once as a proof in a shortened 
version, and two times for two sound scenarios. The second day the set of assignments was tested for 
two sound scenarios. 

After a short introduction from the experimental researcher, the participating students started the 
experiment. The test location was a small quiet two-person room meant for audio editing with no 
window, located at Avans University of Applied Sciences. Students worked individually on a laptop 
wearing a headphone (Sennheiser HD 380 PRO) throughout the whole experiment. Instructions about 
the assignments and procedures were given on the laptop screen. Start and stop instructions were also 
given by a voice signal through their headphone. The students were asked to study a text which was 
printed on paper and they were told that they had to answer some questions about the text later in the 
experiment. They could use a pen and marker during their study activity. After the set time (Table 2) 
they had to put the text including all their notes in a closed box.  All assignments (the syllogism, mental 
arithmetic, questions about the text, and perception questionnaire) were announced on the laptop 
screen and after pushing the ok button the time clock and assignment were started on the laptop. The 
elapsed time was shown on the screen, so the students knew how much time there was left to perform 
their assignment. 

Table 1 – The order and duration of the assignments in the experiment. 

Assignment duration proof test 

[minutes] 

duration test 

[minutes] 

1. Studying text 3  6  

2. Syllogism 3  4  

3. Mental arithmetic 3  4 

4. Questions text 1 2  4 

5. Questionnaire 2  2  
 

The assignments were presented in the same sequence to all participants. The four sound scenarios 
were played on the participants headphones' in a counter balanced sequence using a Latin Square 
design. The proof set and the first two sets of assignments were done at the same day, the students 
had to take a short break after the first two sets. The first -day experiments took about 75 minutes for 
each participant in total. On the second day the students only performed two sets of assignments, a 
short pause in between the assignment sets. After the last set they also filled in a questionnaire about 
their noise sensitivity (18). The second-day experiments took about 60 minutes for each participating 
student.  

3. FIRST RESULTS 
These first results are based on experimental results of 33 participants (target=60 participants). For 

this conference paper the assignment to study an informational text (assignment 1, Table 2) and 
answering the questions after a time gap (assignment 4, Table 2), as well as the perceived disturbance 
(assignment 5, Table 2) are analyzed and reported. 

3.1 Performance 
The performance of the 'studying for an exam' task was measured by the number of correct answers 

on the ten questions about the text. Figure 2 shows the study performance for the four sound scenarios. 
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Figure 2 – Mean values (n=33) of performance of the 'studying for an exam' task with different background 

sound scenarios: Quiet (Q), Absorbing OPSE and 3 talkers (A&3T), Absorbing OPSE and 14 talkers 

(A&14T), Reverberant OPSE and 14 talkers (R&14T). 
 

A repeated measures analyses of variance (ANOVA) across the four sound scenarios revealed no 
significant effect of the sound scenarios on 'studying for an exam' performance (p=0.869). 

 

3.2 Disturbance 
The perceived disturbance of the 'studying for an exam' task was measured by a questionnaire at 

the end of every assignment set. Figure 3 shows the perceived disturbance for the four sound scenarios 
on a 5 points scale. 

Figure 3 – Mean values (n=33) of the perceived disturbance (n=33) during the 'studying for an exam' task 

with different background sound scenarios: Quiet (Q), Absorbing OPSE and 3 talkers (A&3T), Absorbing 

OPSE and 14 talkers (A&14T), Reverberant OPSE and 14 talkers (R&14T). 
 

A repeated measures analyses of variance (ANOVA) across the four sound scenarios revealed a 
significant effect of the sound scenarios on perceived disturbance (p=.0001). Post-hoc T-tests with 
Bonferroni adjustment showed significant differences between the quiet condition and the three other 
background speech conditions. The differences between all other conditions were not significant.  

4. DISCUSSION and CONCLUSIONS 
The first data of this experiment does not support our hypothesis: ' the intelligibility of background 

speech will have a negative influence on the performance of studying and will be correlated with the 
perceived disturbance of the students '. Although Figure 2 shows the highest performance when the 
background speech is the least intelligible, the scenario with a high reverberation time and 14 talkers, 
and the lowest performance when the participants are exposed to the most intelligible background 
speech scenario, the absorbing OPSE with 3 talkers, the differences between the means are not 
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significant. Figure 3 shows the participants to be most disturbed by the sound scenario in which the 
background speech is least intelligible, the reverberant OPSE with 14 talkers. The students are the 
least disturbed in the quiet situation without background speech. The sound scenario with the highest 
intelligible background speech, the absorbing OPSE with 3 talkers, is not significantly more disturbing 
than the other sound scenario with background speech. 

So far, only 33 participants performed the experiment, half of the statistically required subjects, so 
there is no definite proof to reject the hypothesis. Further acquisition and analysis of data will  be 
necessary. We plan to continue the detailed analyses of a total number of 60 participants in the near 
future. 
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Abstract
To better understand the effect of indoor environmental conditions on primary and secondary student perfor-
mance, measurements over six school days were logged in each of 220 classrooms at schools in the midwestern
region of the United States. Results from statistical analyses demonstrate the effects of classroom conditions
on student achievement scores. Specifically, structural equation modeling has been used to determine the ef-
fects of classroom speech levels, non-speech levels, and room reverberation conditions on math and reading
achievement, while controlling for student demographics. Information regarding heating, ventilation and air
conditioning (HVAC) system types was also gathered in each classroom. The focus of this paper is to report on
the correlation between HVAC system type and the measured speech or non-speech levels in classrooms during
the school day. Additionally the correlations between measured acoustic and indoor air quality parameters over
time are presented, with specific regard to how HVAC system type might affect the correlations.
Keywords: classrooms, noise, ventilation systems

1 INTRODUCTION
Primary and secondary school students spend significant amounts of time in classrooms. Much work has been
done in exploring the effect of noise on building occupants. Both room acoustic characteristics and background
noise levels contribute to the speech intelligibility of a room, a crucial factor in determining effective commu-
nication, such as conversations or instruction. In classrooms specifically, studies have found that increased noise
in the classroom is associated with lower achievement in students (1,2).
It is known that ventilation systems within classrooms contribute to background noise levels. Heating, ventila-
tion, and air conditioning (HVAC) system components have noise specs and ratings, but performance can vary
based on installation, age, and any number of factors. This study looks at a large sampling of real classrooms
of known HVAC system types, observing the noise levels and their relationship with indoor air quality factors.

2 METHODS
To evaluate the indoor environment in primary and secondary schools, 220 classrooms in the midwestern United
States were selected for measurement. A variety of measurement were taken in each classroom, including
acoustic, indoor air quality, thermal comfort, and lighting measurements. Details of these measurements are
discussed in other work within the scope of the grant (3). For this paper, the logged measurements of sound
and select indoor air quality parameters will be discussed.

2.1 Sound measurements
Within each classroom, two BSWA 309 Type II sound level meters were deployed for a period of two days,
three times within the school year, leading to six school days of logged measurements per classroom. The
meters were placed in similar locations within each classrooms, with one in a measurement kit placed near the
teacher’s desk at the head of the classroom and the other hanging from the ceiling in the classroom. Mea-
surements were taken at 10 second intervals throughout the occupied school day and equivalent continuous
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A-weighted levels (LAeq), as well as octave band levels, were collected at each time interval.
During the school day, there were times where speech noises were present, either from teacher instruction
or student participation, and times where only background and activity noise were present. In previous work
by researchers on this grant, k-means clustering–an unsupervised machine learning technique–was utilized to
separate each time interval into one of two categories: active speech or non–speech based on the level and
spectral content (4).

2.2 Indoor air quality measurements
On the same days sound level was logged, a variety of indoor air quality measurements were being logged in
5 minute increments. A select few include carbon dioxide (CO2), fine particulate matter, and coarse particulate
matter. Carbon dioxide was measured by several sensors: one in the measurement kit by the teacher’s desk, one
in or near the supply duct, and a third in or near the return duct. A CO2 average was calculated for each time
increment by taking an average of these three meters. For the particle counts, a counter within the measurement
kit took measurements of air particles of difference sizes every 5 minutes. Air particulates smaller than 2.5 µm
were considered to be ’fine’ particulate matter. Particles between 2.5 and 10 µm are considered to be ’coarse’
particulate matter.

2.3 Statistical analysis
Analysis of variance was conducted on the sound levels within each classroom, considering both the speech
and non–speech levels. Personnel involved in ventilation system design and installation often have opinions and
evidence about system noise levels. The question considered in this analysis is the following: In a real–world
sample, is there a significant difference in noise level between different HVAC system types? This question is
considered for the occupied classroom, looking first at speech times and second at times where no speech is
present in the classroom.
For each classroom, the HVAC system type was noted and three categories were selected, primarily based on
the secondary system type. The three categories are as follows:

• Heat Pumps: systems that include a heat pump (n = 104)

• Centralized: systems that stem from centralized components, utilizing air handling units, variable air vol-
ume (VAV) boxes, etc (n = 41)

• Unit Ventilators: systems that include a unit ventilator within the classroom (n = 59)

Classrooms with unknown or difficult to characterize systems were eliminated from analysis. Analysis of Vari-
ance (ANOVA) was used to determine if the means of the noise values were different between the system
types.
Additionally, an analysis of the effect of HVAC system type on the temporal correlation between sound level
and indoor air quality measures was considered.

3 RESULTS
For each classroom, an average sound level was calculated for both the speech and non-speech times. For each
of the 220 classrooms, the time log of speech or non–speech sound levels for each measurement day were
logarithmically averaged, giving each day a single LAeq. These day values were arithmetically averaged by
classroom to give a single value per classroom, indicative of a likely sound level that would be experienced in
that classroom at any given time.
Both speech sound levels and non–speech sound levels were divided into the three HVAC categories.
Figure 1 shows the histograms of the distributions of average speech levels for each HVAC division. While it is
clear that more classrooms fall into the heat pump category than either other category, this is just a byproduct
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of the sample chosen. The takeaway from these histograms is where the peak of the distribution curve falls,
which indicates the average value for that category. For example, for each of the categories, the average speech
value falls around 66 dBA.

Figure 1. Histograms of the distributions of speech noise levels within a sampling of classrooms (n = 220),
divided into three HVAC system types

Figure 2 shows the distributions of non–speech average levels by system type. Here, the differences in the
mean values may be more apparent between the categories, especially with the unit ventilators mean value
being higher than the other two categories.

Figure 2. Histograms of the distributions of non–speech noise levels within a sampling of classrooms (n = 220),
divided into three HVAC system types

The sound level averages for each category are presented in Table 1. For the average equivalent continuous
level for speech times (LAeqsp), all values were near 66 dBA, with centralized systems experiencing the highest
levels, at a 66.5 dBA average. For the non–speech average, unit ventilator classrooms averaged the highest
levels, at 50.6 dBA, with heat pump and centralized systems averaging 48.7 and 48.4 dBA for non–speech
noise, respectively.
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Table 1. Average sound levels by system type for speech and non–speech noise within classrooms in dBA

System Type LAeqsp LAeqns
Heat Pumps 66.1 48.7
Centralized 66.5 48.4

Unit Ventilators 65.9 50.6

3.1 ANOVAs of noise levels
Analysis of variance was conducted on the average speech levels of each classroom by HVAC system type. No
difference was found between the means of the speech levels within the classrooms, indicating that the HVAC
system type was not significant when determining the sound level during speech times for this sample.
On the other hand, the ANOVA for the non–speech levels was significant for this sample (p = 0.019), indicating
a difference between the non–speech level means of the three HVAC groupings (see Table 2). Post-hoc tests
revealed that classrooms with unit ventilators had significantly higher noise levels than classrooms with heat
pumps. No difference was found for the non–speech noise levels between classrooms with centralized systems
and classrooms with unit ventilators.
While the difference in means (see Table 1) is small–only around 2 dB–it should be noted that this is not a
simple decibel difference, but rather an aggregate difference of a larger sampling, so conclusions should not be
drawn regarding just noticeable differences or error propagation without a more in–depth analysis.

Table 2. ANOVA table for non-speech noise divided into HVAC categories

Model SS df MS F p
Regression 30.558 2 15.279 4.424 .019
Residual 120.885 35 3.454

Total 151.443 37

3.2 Correlations by HVAC system type
In order to see how strongly the sound level and indoor air quality variables fluctuated together throughout the
day, correlations were drawn for each classroom and each day of measurement. Sound level was logarithmically
averaged to go from a 10 second resolution to 5 minute increments and all data underwent temporal statistical
de–trending. Discussion of this process and the resulting correlations can be found in previous work (5). Of
interest to this topic is the likelihood of classrooms with certain system types to see more significant correlations
than others. For the correlations between sound level and CO2 and sound level and coarse particulate matter,
no observable difference was found between the system types. However, for the correlations between sound
level and fine particulate matter, unit ventilators were found to experience a higher percentage of significant
correlations. Table 3 shows the percentage of significant correlations for each system type, showing that in
classrooms with unit ventilators, 58% of observed correlations between LAeq and fine particulate matter were
statistically significant at the Bonferroni corrected level (p < 0.00089).

Table 3. Percentage of significant correlations between fine particulate matter and sound level over time in
classrooms by system type

System Type % Significant
Heat Pumps 23%
Centralized 39%

Unit Ventilators 58%
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4 DISCUSSION AND CONCLUSION
An analysis was undertaken to quantify the effect of HVAC system type on the noise levels within a real–world
sample of 220 primary and secondary school classroom. While no difference was observed between levels
of speech within each classroom, the noise with no speech present was different in classrooms with different
system types. Classrooms with unit ventilators were discovered to have quantifiably louder non–speech sound
levels than classrooms with heat pumps or centralized systems. No sound level difference was observed between
the former two.
Additionally, the temporal variation in fine particulate matter in a room was found be more likely to correlate
with the sound level in rooms with unit ventilators, with 58% of cases found to be significant within this
category. This is perhaps due to increase in sound level when the units kick on, correlating to the increase in
particle matter pulled in from outside while the units function.
Knowing about these relationships helps characterize the complex indoor environment within classrooms, ulti-
mately aiming to inform design decisions. Future work can explore whether ventilation system type directly
links to student achievement or comfort.
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ABSTRACT   
In classrooms, the correct reception of what the teacher says is a necessary condition for learning, but it is not 
sufficient to ensure that the content of the message is understood. Notwithstanding this, usually a direct 
positive correlation between the performance in speech reception and sentence comprehension (SC) is 
assumed. In fact, this idea is the ground for the use of speech intelligibility (SI) in the design of learning 
spaces. In this study, the relationship between SC and SI is investigated in three listening conditions, with 
reference to 159 school-age children, aged 11 to 13 years old, with normal hearing. Participants completed 
two tasks designed and validated to measure SI and SC, which were presented in three conditions: quiet, 
classroom noise and road traffic noise. The tasks were presented to groups of children within their classrooms, 
via tablet and loudspeakers, within a one-hour session. For each task, results in quiet were compared to the 
results in noise, assessing the specific effect of each masker; furthermore, the presence of an interaction 
between noise type and task type was investigated to gain insight on the relation between the two tasks. 
 
Keywords: classroom acoustics, sentence comprehension, intelligibility 

1. INTRODUCTION 
For children in classrooms, the ability of hearing what the teacher says is critical for success in 

academic activities. However, the correct reception of the spoken message it is not sufficient to ensure 
that the content of the message is understood (1). Currently, all the standards in classroom acoustics 
are conceived to guarantee speech intelligibility (SI) only. The standards provide limits in terms of 
acoustical indicators, which are designed to account for the separate and/or joint effects of noise and 
room reverberation on speech reception. Unfortunately, SI is at the surface of the levels of 
representation involved in verbal processing (2), and it is mainly informative on the correct reception 
of the acoustic-phonetic cues of the message. Even though a variety of test have developed to evaluate 
SI, relying on progressively more cognitive demanding material (from isolated words, to unpredictable 
sentences), they are not able to capture the higher level language processing required in 
communication during lessons. Indeed, the latter relies on messages with variable syntactical forms, 
lexical, semantic and contextual information, and the listeners are expected not only to understand the 
content, but also to make inferences based on their previous knowledge.  

In order to improve assessments based only on SI, a viable alternative is the usage of sentence 
comprehension (SC). This task provides information on levels of language processing beyond speech 
reception, since auditory, syntactic, contextual and semantic information can be manipulated in a 
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simple and scalable manner (3). The comparison of the two tasks (SI and SC) have not been 
systematically examined, whereas some results are available for the comparison of SI and some more 
complex tasks of listening comprehension (4, 5). Overall, literature results point toward a poor relation 
between performance in speech intelligibility and comprehension tasks. The relation should be more 
closely investigated aiming at providing effective tools for the control of noise and reverberation in the 
classroom.  

Reasons for the specific impact of noise and reverberation on the outcomes of verbal tasks in 
classrooms have also been formulated. In particular, it was found that the interference of noise on 
speech depends not only on the noise level, but also on its spectro-temporal characteristics. The 
changing state character of an unintelligible speech-like masker affects high level cognitive 
processing in both children and adults, due to the interference with the to-be-remembered material (6).  

Furthermore, most of the available results related to speech processing of children in the classroom 
are based on their task performance, whereas only a few take into consideration their listening effort 
by using the behavioral measure of response time (7-9). Considering listening effort beside 
performance would allow depicting a more comprehensive view of both perceptual and cognitive 
processing that children implement to cope with listening in noisy classrooms.   

The present study investigates SI and SC in real reverberating classrooms, using standardized test. 
Middle-school students were presented with the tasks in a closed-set format, by using portable devices 
(tablets). Three listening conditions were presented: quiet, traffic noise, classroom noise. Two 
outcome measures were considered (task performance and response time), and used to develop a 
comprehensive view of the speech processing phenomenon.  

2.  METHODS 

2.1 Participants 
A total of 159 students participated in the study, from nine classes (three for each grade) of two 

middle-schools located in Ferrara (Italy): 53 11-year-olds (33%), 49 12-year-olds (31%) and 57 
13-year-olds (36%). 

2.2 Experimental design 
Participants completed the two tasks in the three listening conditions in one session, during the 

morning school-hours. An assessment of the students’ reading comprehension in quiet was carried out 
in a separate session, one week after the experiment. The order of the tasks and the order of the 
listening conditions within each task was balanced across the classes of each age group. The three test 
lists used for each task were pseudo-randomized, in order to avoid the matching of the same test list 
with the same listening condition. 

2.3 Laboratory classrooms 
The experimental session took place in two laboratory classrooms, one for each school. Both 

classroom were box-shaped and had a similar volume of 155 m3. In order to make the acoustic 
conditions of the two classrooms as similar as possible, one of the two spaces was equipped with sound 
absorbing polyester fiber blankets. The temporary acoustic treatment ensured that the difference in the 
reverberation time of the two classrooms was smaller than the just-noticeable difference defined in the 
ISO 3382 standard (10).  

During the test sessions, the classrooms were setup as for regular lessons (desks and chairs 
arranged in regular lines and facing the teacher’s desk) . A Gras 44AB mouth simulator was placed 
close to the teacher’s desk, at a height of 1.5 m, and  used for the playback of the speech signals. 
Furthermore, a Look Line D203 omnidirectional source placed on the floor, close to one of the room 
corners, and used for the playback of the background noises. 

2.4 Speech intelligibility task 
Speech intelligibility was assessed by using the Matrix Sentence Test in the Italian language (11, 

ITAMatrix). In each trial a five-word sentence was orally presented. The sentence had a fixed syntactic 
structure but no semantical predictability (e.g., “Mary draw five little boxes”) ; it was 
pseudo-randomly generated from a 10x5 base-word matrix. After the sentence playback, the 
base-word matrix was presented to the participants; their task was to select the words they heard in 
serial order. Each trial was time-limited to 15 s. 
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Participants were presented with a total of 48 sentences (16 for each listening conditions); the three 
listening conditions were presented in a blocked fashion. For each sentence, speech intelligibility 
(percentage of correct words identified within the sentence) and response times (RTs) were recorded. 
The latter quantity was defined as the time elapsed between the audio offset and the selection of the 
first word on the tablet.  

2.5 Sentence comprehension task 
Sentence comprehension was evaluated by using the COMPRENDO test (12). The test consists of 

meaningful sentences in the Italian language, which differ in their syntactic complexity (e.g., “The 
mother is chasing the child” or “The child looks at the cat and the mother pets the dog”). The sentences 
were recorded by an adult, native Italian female speaker in a silent room. Afterwards, the sentences 
were digitally filtered to match the long-term spectrum of the female speaker of the ITAMatrix. 

During the experiment, the sentences were orally presented to the participants. After the audio 
offset, a set of four images appeared on the tablet and the participants were asked to select the image 
that properly described the sentence they just heard. Each trial was time-limited to 12 s. Sixteen 
sentences were presented for each listening condition, and for each trial accuracy and response time 
were recorded. 

2.6 Listening conditions 
The tasks were presented in three listening conditions: quiet, road traffic noise and classroom noi se. 

In all conditions the speech signal was fixed to a level of 63 dB(A), measured at 1 m in front of the 
mouth simulator; this correspond to a talker speaking with a vocal effort intermediate between “normal” 
and “raised” (13). 

In the quiet condition the tasks were presented in the ambient noise of the classrooms, primarily 
made up by noises coming from the adjacent classrooms. In the traffic condition, recordings of a busy 
road in conditions of dense traffic were played back. The classroom noise consisted an unintelligible 
fluctuating masker mixed with sound events typical of a working classroom (pen drops, turning over of 
book pages…). The fluctuating masker was obtained by processing Italian phrases, spoken by a native 
female speaker, according to the established ICRA procedure (14). 

The background noises were played back at a level of 60 dB(A), measured at the audience position. 
The noise level was chosen to be intermediate between the maximum and the minimum levels (70 and 
50 dB(A), respectively) measured in working secondary-school classrooms (15). 

The objective description of the listening conditions during the experiment was achieved by 
measuring the reverberation time and the long-term levels of the ambient noise, the speech signal, and 
the added background noises (reproduced as during the tests) at the end of the experiment, within the 
occupied classroom. The listening conditions are summarized in Table 1.  It is worth noticing that the 
difference between the listening conditions in the two classrooms are always smaller than the JND for 
all the acoustic parameters. Then, the two classrooms can be considered as almost equivalent from the 
point of view of acoustical perception, and their results will be considered together henceforth.  

 
Table 1 – Listening conditions in the two classrooms during the experiment (occupied conditions): 

reverberation time Tmid (average across the 500–2000 Hz octave bands), A-weighted sound pressure level, 

sound-to-noise ratio (SNR). 

Acoustic parameter classroom A classroom B 

Tmid [s] 0.68 0.69 

speech signal level dB(A) 60.4 59.5 

SNR – quiet (dB) 17.1 19.0 

SNR – traffic (dB) -0.5 -0.4 

SNR – classroom noise (dB) -0.1 0.6 
   

2.7 Procedures 
The participants were collectively presented with the test session. They were divided in groups 
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composed by the whole class, which took turns in the laboratory classroom.   
Upon entering the classroom, each child was given a tablet and randomly assigned to a seating 

position. Afterwards the participants were briefly informed on the study aim, and started the test 
session. Prior to each task, verbal instructions were given to the participants, which were also 
familiarized with the task and the data collection system by presenting a set of four trials in quiet. 

In the noisy listening conditions, the noise playback started approximately one second before the 
sentence and ended simultaneously to the signal.  Each experimental trial was time-limited, and only 
when all participants had responded or reached the time out, the next sentence was played back  
automatically. 

The whole experiment was managed by using a wireless test bench (9), based on a server 
application which simultaneously controlled the audio playback, the presentation of the 
base-matrix/images on the tablets and the data collection. 

2.8 Data analysis 
Statistical analyses were performed using generalized mixed-effects models (GLMMs), selected to 

deal with the repeated-measures design and the lack of normality in the distribution of the dependent 
variables.  

The software R was used for the analysis (packages: lme4, lsmeans), with a significance level of 
0.05. A GLMM with a binomial distribution was used to analyze the accuracy data (SI or percentage 
correct), whereas a Gamma distribution with a log-link function was selected for the RTs. The variable 
participant was included as a random intercept and the within-subject factor listening condition was 
included in the random effects as a random slope. Furthermore,  the score in the reading comprehension 
task was entered in the models as a covariate. When appropriate, planned pairwise comparisons were 
performed, correcting for the test multiplicity using a Bonferroni procedure.  

Prior to data analysis, missing data points due to technical errors or out-of-times were removed 
from the databases (7.1% for the SI task, 1.4% for the SC task).  

3. RESULTS 

3.1 Effects of listening condition of task performance 
Two GLMMs were set up, one for each task, with performance as the dependent variable; listening 

condition was included as a fixed factor. Figure 1 displays the performance as a function of listening 
condition, for the two tasks.  

 

      
Figure 1 – Mean performance (SD) as a function of the listening condition for the two tasks: speech 

intelligibility (left panel), sentence comprehension (right panel). *p < 0.05; ** p < 0.01; *** p <0.001 
 
For the speech intelligibility task, analysis revealed a significant main effect of listening condition 

(χ2(2)=189.23, p<0.001). Post hoc tests indicated that performance significantly decreased in noisy 
compared to quiet condition, and in classroom noise compared to traffic (p<0.001 for all comparisons). 
The performance decrease in traffic compared to quiet was equal to 1.6%; in classroom noise 
performance decreased of an additional 5.5%.  

For the sentence comprehension task the effect of listening condition was significant as well 
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(χ2(2)=8.30, p=0.016). Post hoc pairwise comparisons revealed that the probability of a correct 
response was significantly higher in quiet compared to classroom noise (p=0.016); the task 
performance decreased in classroom noise versus quiet by 2.2%. 

3.2  Effects of listening condition of response time 
Two GLMMs were set up, one for each task, with RT as the dependent variable; listening condition 

was included as a fixed factor. Figure 2 displays the RT as a function of listening condition, for the two 
tasks.  

For the speech intelligibility task, analysis revealed a significant main effect of listening condition 
(χ2(2)=22.63, p<0.001). Post hoc tests indicated that RTs significantly slowed down in classroom noise 
compared to quiet and traffic (p<0.001 and p=0.002, respectively). The mean ratio (ratio of the mean 
RT in classroom noise to RT in another condition) was 0.92 with reference to quiet and 0.95 with 
reference to traffic.  

For the sentence comprehension task the effect of listening condition was significant as well 
(χ2(2)=30.60, p<0.001). Post hoc pairwise comparisons revealed that RTs significantly slowed down in 
classroom noise compared to quiet and traffic (p<0.001 for both comparisons); no significant 
difference was found in the RTs of the two noisy conditions. The mean ratio was 0.92  with reference to 
quiet, and 0.93 with reference to the traffic condition. 

 
 

       
Figure 2 – Mean response times (SD) as a function of the listening condition for the two tasks: speech 

intelligibility (left panel), sentence comprehension (right panel). *p < 0.05; ** p < 0.01; *** p <0.001 

3.3 Comparison of the effect of noise on the two tasks 
In order to compare directly the effects of noisy conditions on performance and RTs of the two task, 

the relative change in noise compared to quiet was considered.   
The change in performance was quantified by the ratio of the task performance in noise to the task 

performance in quiet. Therefore, the quiet condition has a value equal to the unity for all 
participants-task combinations, and smaller values denote decreased performance compared with the 
quiet condition. Concerning RTs, the normalization was defined by the ratio of the median RT in noise 
to the median RT in quiet, for each task. For this variable, values greater than one reveal increased 
listening effort compared with quiet. The normalized results are presented in Figure 3, as a function of 
the noisy listening conditions. 

The statistical analysis was carried out with two LMMs (one for each dependent variable). The 
models included listening condition (traffic and classroom; as quiet was one by definition it was not 
included in the model), task (speech intelligibility, sentence comprehension), and their two-way 
interaction as fixed factors. The score in the reading comprehension task was added to the models as a 
covariate; a random intercept (participant) and two random slopes (the within -participant variables 
listening condition and task) were also specified. 
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Figure 3 – Accuracy scores (left) and response times (right) relative to the quiet condition, as a function of the 

task and the noise type. *p < 0.05; ** p < 0.01; *** p <0.001  

 
Concerning the normalized performance, analysis indicated a significant effect of listening 

condition (χ2(2)=59.33, p<0.001) and task (χ2(1)=18.18, p<0.001), and a significant interaction 
between the two factors as well (χ2(2)=23.93, p<0.001). The pairwise comparisons between the tasks 
for each listening condition revealed a significant difference between the tasks only in classroom noise 
(p<0.001); no difference was found in traffic. When the effect of listening condition was considered 
for each task, the pairwise comparisons revealed that in both tasks the performance decrease was 
greater in classroom noise versus traffic (speech comprehension: p=0.007; sentence comprehension: 
p<0.001). 

Concerning the normalized response times, the analysis indicated a significant ma in effect of 
listening condition (χ2(1)=29.34, p<0.001), with higher normalized results in the classroom noise 
condition compared to traffic. The main effect of task and the two-way interaction were not 
significant. 

4. DISCUSSION 

4.1 Effects of listening condition 
For both tasks and dependent variables, a significant main effect of listening condition was found, 

indicating that the addition of a background noise at a level typical of a working classroom generally 
decreased the pupils’ performance and slowed down the  RTs compared to quiet.  

When considering performance in the SI task, all listening conditions could be distinguished: 
classroom noise disrupted intelligibility significantly more than traffic, which in turn was more 
impairing than quiet. Differently, in the SC task, only a significant decrease in classroom noise versus 
quiet was be found, whereas performance in traffic was not significantly different from performance in 
quiet. This finding could be related to a ceiling effect observed in the accuracy of the task, with results 
higher than 95% for all listening conditions. The effect can be traced back to the additional cues that 
the pictorial representation of the actions provided and that supported the listeners in coping with the 
task. As expected, the classroom noise impaired performance in the two tasks more than traffic, due to 
its changing-state nature. In addition to this domain-specific interference, the effect of the classroom 
noise may also be related to a capture of attention. In fact, salient sound events (as the pen dropping, 
chair scratching events mixed to the ICRA signal) additionally impair the performance by capturing 
the listener’s attention (16).  

Concerning the effects of listening conditions on RTs, it was found that in both tasks the response 
latencies were longer in classroom noise compared with both quiet and traffic.  In this study RTs was 
considered as a proxy of listening effort, with slower RTs indicating increased effort . The longer 
latencies in classroom noise, mirroring the performance decrease, indicated that more use of cognitive 
resources is needed for processing the auditory information in degraded listening conditions; this 
results in fewer resources available for the task and in turn in a poorer performance.   

Differently, the absence of significant differences between the other two listening conditions  
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suggests that the 11-13 years children were able to cope successfully with the traffic noise, which did 
not impair listening effort in comparison with quiet. The finding is  in line with previous studies that 
used response time as a proxy for listening effort for primary school students (9, 17) and indicated that 
even when background noises have the same SNR with respect to the teacher’s voice, the difference in 
their spectral content may lead to an additional cognitive load.  

4.2 Speech intelligibility versus sentence comprehension 
This work addressed the relation between SI and SC using a standardized audiological test for SI 

and a standardized test battery for SC. The tools were designed to respond to cognitive mechanisms 
that do not match. In the SC tasks listeners are required to create a global picture of the sentence 
meaning by integrating lexical, semantic and syntactic information. Differently, the SI task requires to 
recognize and to recall all the words of the sentence, without any support from the context or from the 
fixed syntactic structure. Therefore, the absolute results of the two tasks were not directly compared 
and instead changes relative to quiet were considered.  

Concerning performance, the analysis indicated a significant interaction between noise and task, 
suggesting that classroom noise had a greater impact on SI compared to SC. The finding is in line with 
previous studies, suggesting that the two tasks are differently impacted by the background noise level 
(4) and by the spectro-temporal characteristics of the masker (5). Overall, the findings suggest that 
directly transposing the results obtained in SI (in quiet or in noise) to SC might not be meaningful and 
thus acoustical conditions that guarantee optimal intelligibility might not be equally adequate for 
speech comprehension.  

Concerning RTs, no significant interaction was found between noise and task thus suggesting that 
the increase of listening effort due to the presence of classroom noise did not depend on the type of task. 
However, further analyses are needed to get a deeper insight on the relation, which for instance may be 
influenced by developmental effects (e.g., age of the students).  

 Even though research on the topic is still scarce, the current results seem to suggest that the link 
between the SI and the SC tasks cannot be captured by a simple relationship, which is instead strongly 
influenced by the specific characteristics of the tasks themselves. For instance, it was found that the 
visual, closed-set format of the SC task selected greatly supported the listeners in solving the task and 
made SC comparatively easier than SI. The near-ceiling results prevented a direct comparison of SC 
and SI performance, so that it was not possible to draw a meaningful relationship between the two 
tasks. However, given the interactions pointed out by the analysis on the normalized quantities, it is 
believed that a more extensive investigation of the relationship would be of interest.  

5. CONCLUSIONS 
In this study, speech intelligibility and sentence comprehension in 11 to 13 -year-olds were 

investigated under three listening conditions (quiet, traffic, classroom noise), aiming at better 
understanding the effects of background noise, and the relationship between the two tasks. The 
following results were found:  

(1) A background noise with changing state characteristics was detrimental to the performance of 
11 to 13-year-olds in both tasks; the effect was also mirrored by listening effort, as witnessed by a 
slowing down of the RTs. Differently, the children were able to cope successfully with the traffic noise, 
which did not impair listening effort in comparison with quiet.  

(2) Classroom noise impaired more SI than SC but a clear relationship between the two tasks could 
not be derived, since several factors, such as the character of the noise and task details appear to 
modulate the relation between the two tasks. Further investigations are warranted to explore the 
relation over a wider range of SNR and noise types. 

ACKNOWLEDGEMENTS 
The authors would like to thank the schools, the children and the teachers who took part in the study. 

In addition, the authors acknowledge Hörtech GmbH, Oldenburg (D), for providing the speech 
recordings of the Matrix Sentence Test in the Italian language, and Cristiana Erbi, who administered 
and scored the reading comprehension test. 

 
 

5950



 

 

REFERENCES 
1. Hygge S. Classroom noise and its effect on learning. Proc 11th ICBEN; Nara, Japan 2014. (Vol. 4). 
2. Hustad K. The relationship between listener comprehension and intelligibility scores for speakers with 

dysarthria. J Speech Lang Hear Res 2008, 51(3): 562-573. 
3. Uslar VN, Carroll R, Hanke M, Hamann C, Ruigendijk E, Brand T, Kollmeier B. (2013). Development 

and evaluation of a linguistically and audiologically controlled sentence intelligibility test. J Acoust Soc 
Am 2013, 134(4): 3039-3056. 

4. Fontan L, Tardieu J, Gaillard P, Woisard V, Ruiz R. (2015). Relationship Between Speech Intelligibility 
and Speech Comprehension in Babble Noise. J Speech Lang Hear Res 2015, 58(3): 977-986. 

5. Klatte M, Lachmann T, Meis M. Effects of noise and reverberation on speech perception and listening 
comprehension of children and adults in a classroom-like setting. Noise Health 2010, 12: 270-282. 

6. Klatte M, Meis M, Sukowski H, Schick A. Effects of irrelevant speech and traffic noise on speech 
perception and cognitive performance in elementary school children. Noise Health 2007, 9(36): 64-74. 

7. Lewis D, Schmid K, O'Leary S, Spalding J, Heinrichs-Graham E, High R. Effects of Noise on Speech 
Recognition and Listening Effort in Children With Normal Hearing and Children With Mild Bilateral or 
Unilateral Hearing Loss. J Speech Lang Hear Res 2016, 59(5): 1218-1232. 

8. McGarrigle R, Gustafson SJ, Hornsby BW, Bess, FH. Behavioral measures of listening effort in 
school-age children: Examining the effects of signal-to-noise ratio, hearing loss, and amplification. Ear 
Hear 2019, 40(2): 381-392. 

9. Prodi N, Visentin C, Feletti A. On the perception of speech in primary school classrooms: Ranking of 
noise interference and of age influence. J Acousti Soc Am 2013, 133(1): 255-268. 

10. Acoustics – Measurement of room acoustic parameters. Part 1: Performance spaces. Geneva, 
Switzerland: International Organization of Standardization. 2009; ISO3382-1:2009. 

11. Puglisi GE, Warzybok A, Hochmuth S, Visentin C, Astolfi A, Prodi N, Kollmeier B. An Italian matrix 
sentence test for the evaluation of speech intelligibility in noise. Int J Audiol 2015, 54(sup2):44-50. 

12. Cecchetto C, Di Domenico A, Garraffa M, Papagno C. Comprendo. Batteria per la Comprensione di 
frasi negli adulti. Milano: Raffaele Cortina Editore; 2012. 

13. Ergonomics – Assessment of speech communication. Geneva, Switzerland: International Organization 
of Standardization. 2003; ISO9921:2003. 

14. Dreschler WA, Verschure H, Ludvigsen C, Westermann S. ICRA noises: artificial noise signals with 
speech-like spectral and temporal properties for hearing instrument assessment. Audiology 2001, 
40(3):148-157. 

15. Shield B, Conetta R, Dockrell J, Connolly D, Cox T, Mydlarz C. A survey of acoustic conditions and 
noise levels in secondary school classrooms in England. J Acoust Soc Am 2015, 137(1): 177-188. 

16. Klatte M, Lachmann T, Schlittmeier S, Hellbrück J. The irrelevant sound effect in short-term memory: 
Is there developmental change? Eur J Cogn Psychol 2010, 22(8): 1168-1191.  

17. Prodi N, Visentin C, Peretti A, Griguolo J, Bartolucci GB. Investigating Listening Effort in Classrooms 
for 5-to 7-Year-Old Children. Lang Speech Hear Serv Sch 2019, 50(2): 196-210.  

 
 

5951



 

PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Optimising the Acoustic Design for Multi-Purpose Rooms used for a 
Variety of Speech Communication Activities 

Colin CAMPBELL1; Helene SALLENHAG2; Erling NILSSON3 Emma ARVIDSSON4 
1 ,2,3,4Saint-Gobain Ecophon AB, Sweden 

 

ABSTRACT 
The sound environment for a room designed for speech communication can be influenced by many factors. 
In a newly completed multi-purpose lecture room, we wanted to see the effects of the different design 
elements during the process including; utilising predictive modelling, the surface materials in terms of 
absorption performance, discussion, amount and placement as well as other design details influencing the 
overall sound environment. We have followed this project though the build and fit out process making 
acoustic measurements at different stages. Typically, a room of this type might have acoustic criteria for 
sound insulation and reverberation time. However, this can be somewhat limited when we compare the 
theoretical acoustic predictive modelling versus how the occupants might actually perceive the room in real 
life situations. We have measured additional room acoustic parameters such as speech clarity and the 
difference in sound levels. We will identify the acoustic differences as the room is built up with ceiling, wall 
and floor finishes, in addition to the design elements and furniture. Finally, we will discuss design 
configurations which can make a room fit for multi-purpose speech based activities. 

 

Keywords: Reverberation Time; Speech Clarity; Sound Strength Sound Pressure Levels; Speech 
Communication 

1. INTRODUCTION 
The acoustic characteristics of a room can be calculated, measured and many room acoustic 

standards have been set around one common parameter – Reverberation Time (RT). Over the years, 
RT has been widely understood and referenced as the most practical measure to evaluate the quality 
of acoustics in a classroom. 

In recent decades it has also become increasingly common for the acceptable reverberation time 
values to be lowered (shortened) and indeed in many cases, the previous recommended lower limits 
have been removed. Looking at the relevant and similar types of rooms also used for similar speech 
communication intensive activities; monologue lectures, dialogue in the form of group work and 
discussions in pairs. According to Rasmussen(1) in the Nordic countries the trend has clearly indicated 
that a shorter RT is assumed to be better. However, even when a speech communication intensive 
room like a classroom, meets the required short objective RT values, it does necessarily mean the 
given classroom will be subjectively perceived as having good speech intelligibility or low sound 
levels by the users when the room is occupied which cast doubt on whether the room is fit for purpose.  

Measuring the RT means that we mostly consider the decay of the late reflections and we miss the 
overall room response to a given sound and in particular the early reflections (Bradley(2)) which are 
very significant when it comes to the clarity of speech and how it will be perceived as found in 
listening tests performed by Nilsson(3,7) also Marshall(4). 

The shortcomings of the classical diffused field theory(5,6) become quite clear in rooms with non-
uniform distribution of absorption treatment. This has paved the necessity for introducing more 
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parameters as well as taking into account the scattering effect of furniture and interior fittings has 
been investigated. 

 

2. BACKGROUND 

2.1 Variety of speech communication activities 
Increasingly, there is a requirement for multi-purpose speech communication rooms which can 

hold a variety of different speech communication intensive activities. These activities might include; 
monologue lectures, watching knowledge films or streaming lectures and more diverse speech 
communication activities encouraging dialogue which include workshops, group work and discussions 
in pairs. 

2.2 Characterising the room acoustic conditions for speech communication 
On this basis and from the increasing knowledge about how to characterise the acoustical 

conditions in these types of rooms used for multi-purpose speech communication activities can to an 
extent be compared to modern classrooms has increased in recent years. Several investigations have 
highlighted the necessity of including more acoustic parameters (Nilsson(7), Bradley(8)) for a relevant 
characterisation of the acoustic environment. Parameters related to the noise levels and to speech 
intelligibility have shown to be an important and necessary complement to the RT (Campbell(9)). 

2.3 The relevant room acoustic parameters 
In Bradley’s paper(8), the use of the room acoustic parameters C50 and Strength are examined both 

experimentally and theoretically. In Barron(10), Nilsson(7), a model is presented for calculating C50. 
There was particular focus on explaining the non-diffuse sound field in rooms with ceiling treatment 
and how this influences these parameters. In national standards and regulations for classrooms 
designed for similarly intensive and varied speech communication e.g. UK, Germany, (Nordic 
countries see Rasmussen(1)) there is still a clear dominance of RT as the parameter for characterizing 
the acoustic quality. In view of this, it is clear that the practice of only defining a single number 
evaluation of RT potentially restricts development of optimal acoustic conditions to make these rooms 
fit for purpose. (5) 
 

3. OUTLINE OBJECTIVE 

3.1 Objective measurements which correspond to subjective perceptions 
In this study we wanted to look into objective measurement data which we understood to have a 

significant correspondence to the subjective perceptions of the room for the users. Today, the main 
parameter in acoustic design, standards and regulations of ordinary room types is the RT. Nevertheless, 
it is well known that the RT alone is not sufficient for a relevant characterization of the acoustical 
conditions in rooms. The purpose of this modest room acoustic investigation is to show the potential 
benefit of including additional parameters alongside RT whilst measuring different acoustic 
configurations. Optimal acoustic conditions should be specified by a balance of objectively 
measureable parameters related to speech clarity, sound strength and reverberation time.  

3.2 Objective room acoustic parameters 
A key objective in this study is to establish the conditions for optimal room acoustics as manifested 

in the room acoustic parameters; Speech Clarity C50 (dB), sound pressure levels (measured with a 
constant sound power source) and reverberation time, T20 (s). C50 evaluates the effect of the room’s 
response to given sounds and the balance of the early reflections in relation to the late reflections. The 
parameters are defined in the standards ISO 3382-1 and 2(11,12). In general, this additional parameter 
C50, outlined in ISO 3382-1(11), were intended for large performance spaces rather than for speech in 
smaller rooms, however, they have been found to be good indicators regarding the room acoustic 
quality as well as RT (4,5,6,7,8,9). It has also already been identified that in typical classrooms that C50 
values can be different even when the RT is the same, Nilsson(5). 
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4. ROOM DESCRIPTION 

4.1 Room dimensions 
The size of the rectangular room we used are length x width x height = 12.35m x 6.05m x 2.64m. 

74.4m2 overall floor area 74.4m2 and 197m3 volume. 

4.2 Room surface finishes 
The room surfaces before the acoustic treatment on the ceiling and the additional wall absorption, 

were 1000mm average overall depth of system in the ceiling void, sloped soffit.  
Room acoustic treatment, a fully covering suspended ceiling 20mm “Absorption Class A” glass 

wool absorber panels. 40mm “Absorption Class A” wall absorbers in accordance with ISO 11654. 
(wall coverage 7.8m2). 

Walls are a typical lightweight drywall construction with partition cavity insulation. One long glass 
wall installed with around a 5degree outward tilt – so wider at the top. 

 Carpet Egetaepper 8mm heavy commercial, Alpha w 0.2 tufted cut pile with a woven textile back. 
 

 

Figure 1 – Multi-purpose (Orion) room in use during a workshop session. 

 

5. METHODOLOGY 

5.1 Acoustic intervention study 
The main part of this study was to measure and analyse data from the room before and during the 

three acoustic intervention stages to understand the influence of additional surface materials on the 
floor, walls and ceiling. 

5.2 Impulse response measurements 
The acoustic measurements were done using an impulse response in order to evaluate the following 

room acoustic descriptors; T20 and C50 in accordance with ISO 3382-1(11) and we measured the sound 
levels Leq in dB. Analysis of the room acoustic parameters measurement data is gathered across 125-
4000Hz frequency band. In addition, the sound pressure levels (Leq) in dB were measured with a 
constant sound power source. 

5.3 Acoustic configurations 
The Ecophon Orion multi-purpose room acoustic measurements: 
 

Configuration No. 1 – room with fully covering ceiling absorption.  
Configuration No. 2 – same as “No. 1” plus fully covering carpet on the floor. 
Configuration No. 3 – same as “No. 2” plus the furniture (tables & chairs).  
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Configuration No. 4 – same as number “No. 3” plus 7.8m2 of wall absorbers over 3 walls. 
 

 
Figure 2 – Config. 1. Base conditions with a fully covering suspended ceiling. 

 

 
Figure 3 – Config 2. Now with the carpet installed.       

 

 
Figure 4 – Config. 3. Now with furniture in place. 
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Figure 5 – Config. 4. Now with the additional 7.2m2 of wall absorbers distributed over three walls 

 

 
Figure 6 – Config. 4. Six vertical wall absorbers at the front on the left wall as shown in Figure 5. 

 

 
Figure 7 – Config. 4. Two circular wall absorbers on the right wall towards the middle of the room. 
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Figure 8 – Config. 4. Nine circular wall absorbers on the back wall. 

 

6. ACOUSTIC MEASUREMENT RESULTS 
We measured the base conditions in the room (Confg.1) followed by three further alterations giving 

a total of four separate configurations outlined below. Below is a summary of the values achieved 
with the configurations 1-4 for T20, C50 and SPL: 
 
Configuration No. 1 – room with fully covering ceiling absorption.  
Configuration No. 2 – same as “No. 1” plus fully covering carpet on the floor. 
Configuration No. 3 – same as “No. 2” plus the furniture (tables & chairs).  
Configuration No. 4 – same as number “No. 3” plus 7.8m2 of wall absorbers over 3 walls. 
 

 
Figure 9 – T20 results for all room configurations.  
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 Figure 10 – C50 results for all room configurations. 

 

Figure 11 – Sound pressure levels for all room configurations      

 

7. DISCUSSION AND CONCLUSION 
 
The effect of different acoustical treatment in a multi-purpose room has been studied. 

Measurements of reverberation time, speech clarity and sound pressure level have been performed. 
The sound pressure levels were measured with a constant sound power source. The acoustical 
treatment has been performed in four stages, starting with a suspended absorbent ceiling in the non-
furnished room. Next stage was to add a sound absorbent carpet, then inserting furniture and finally 
adding wall panels. During each step room acoustic measurements have been carried out. The results 
are presented in figures 9 to 11. Some interesting conclusions can be drawn. Inserting the suspended 
ceiling creates a non-diffuse sound environment which gives long reverberation times in the high 
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frequency region. This is due to the grazing sound field occurring between the walls and which is to 
a less extent influenced by the ceiling absorber. However, even if the reverberation times are long the 
(steady state) sound pressure levels have been significantly lowered. Adding the absorbent carpet even 
further emphasises the grazing sound field and in fact gives even longer reverberation times at the 
higher frequencies, but this in combination with and due to the decrease of the (steady state) sound 
pressure levels. Inserting furniture will add some sound scattering which mainly shortens the 
reverberation times and increases the speech clarity. The sound pressure levels are hardly at all 
affected by the furniture. The furniture consists of non-absorbent tables and lightly upholstered chairs. 
Thus, the main effect of furniture is to increase the diffusion in the room which affect the reverberation 
times and the speech clarity however there is only a minor effect on the sound pressure level. An 
efficient way to reduce the effect of the grazing sound field is to add wall panels. This gives a clear 
improvement of reverberation times as well as speech clarity, even though the amount of wall 
absorption coverage was quite small.  

It’s clear from the measurement results that to understand the effect of different acoustical 
treatment under non-diffuse conditions it’s important to analyse several room acoustic parameters. 
For example, if only reverberation time were considered and assuming diffuse conditions, the 
increased reverberation times at higher frequencies when adding the carpet would have led to the 
conclusion that the sound pressure level has increased, which would be wrong. Furthermore, the large 
effect of wall panels on reverberation times and speech clarity values is another effect that would have 
be hidden if we assume diffuse field conditions. 
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ABSTRACT 
According to the Framework for Understanding Effortful Listening (FUEL), adverse listening conditions 
deplete the cognitive resources available for other tasks. For example, in a noisy classroom, students may not 
be able to devote their full cognitive capacity to learning. This may be a particular problem for second 
language learners. In an experiment, 20 international exchange students and 9 Swedish students performed a 
Swedish visual rhyme task in quiet and in noise. The rhyme task required the activation of phonological 
representations of Swedish but on average the exchange students had been learning Swedish as a second 
language in Sweden for only 3 months. T-testing showed that the exchange students had poorer Swedish 
vocabulary and lexical access skills than the Swedish group but similar cognitive skills and a repeated 
measures ANOVA based on rhyme task data showed a statistically significant effect of group with better 
performance for the Swedish group. Unexpectedly, there was no effect of noise on visual Swedish rhyme 
judgment and no significant interaction between noise condition and group. However, correlation patterns 
suggested different language based strategies in quiet and in noise. This may suggest that phonological 
processing strategies are influenced by background noise which may have implications for listening effort. 
 
Keywords: Framework for Understanding Effortful Listening (FUEL), Background noise, Phonological 
processing, Second language learner, Cognition 

1. INTRODUCTION 
In today’s global world, many students are acquiring knowledge through the medium of a language 

that is not their mother tongue. Thus, it is important to understand the effect of second language (L2) 
use on learning, and how this effect may interact with other known sources of classroom interference. 
Background noise reduces the audibility of speech and contributes to listening effort. Both of these 
effects are greater for foreign speech, even when the listener is proficient in the L2 (1). Listening effort 
can be understood in terms of the cognitive resources that are allocated to a listening task. The 
Framework for Understanding Effortful Listening (FUEL, 2) describes the factors that contribute to 
listening effort. These fall into two categories: individual factors and task demands. Listening effort 
increases as task demands increase as long as the individual is motivated to continue listening and has 
the necessary capacity to process the speech. However, if the listener is insufficiently motivated and 
the task is hard, listening effort may drop as the individual opts out of the task. Thus, when there is 
background noise in a learning situation, more cognitive resources need to be devoted to simply 
understanding what is being said, and learning suffers (3).  

The Ease of Language Understanding Model (ELU, 4) describes the importance of phonological 
representations in language understanding. According to the ELU model, speech understanding is 
achieved by matching the incoming speech stream to the phonological representations associated with 
relevant lexical items stored in long-term memory. When background noise obscures parts of the 
speech signal, or distracts attention from them, then a mismatch may occur. In this situation, those 
parts of the speech signal that have been perceived must be maintained in working memory until they 
can be disambiguated using knowledge stored in long-term memory. Maintaining verbal information 
in working memory is harder if the equivalent phonological representations are not already stored in 
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long-term memory (5). The process by which appropriate phonological representations become 
established in long-term memory is described by the Developmental Ease of Language Understanding 
Model (D-ELU, 6). The D-ELU proposes that deliberate processing of novel exemplars of lexical 
items in working memory invokes updating of existing representations in long-term memory. If a 
novel exemplar significantly differs from pre-existing representations, a new phonological category is 
formed. Critically, exposure to and deliberate processing of linguistic input is the foundation of 
development in native languages and L2s.  

Background noise, not only makes it challenging to understand speech, it also hinders the function 
of verbal working memory (7). Thus, it is likely that background noise not only generates listening 
effort by hindering speech perception but also by interfering with speech processing in working 
memory. Verbal working memory processing is more fragile for L2 (8). Thus, it is likely that L2 
phonological processing is more susceptible to noise. Speech-based phonological processing can be 
disconnected from speech perception by using a visually based phonological processing task. The 
purpose of the present study was to determine whether acoustic noise interferes with phonological 
processing in L2 learners. 

We have previously developed the Cross-modal Phonological Awareness Test (C-PhAT, 11). The 
test is designated cross-modal because it is designed to test phonological awareness in speakers of 
Swedish and users of Swedish Sign Language (SSL), using the same set of materials. The materials are 
pairs of characters with phonological labels in both Swedish and SSL. However, the mapping between 
the written characters and phonology differs for the two languages. In the present study, we exploit the 
difference in mapping between written characters and phonology between different languages to test 
the efficiency of phonological processing in learners of Swedish as L2. In this context, the mapping 
between the characters and phonology in accordance with the Swedish manual systems is immaterial. 
Successful performance on the C-PhAT requires not only the ability to map written characters to 
phonology, but also the ability to maintain the resulting phonological representations in working 
memory until it has been determined whether or not those representations are phonologically similar. 
Our prediction is that not only will mapping between written characters and Swedish phonology be 
fragile in Swedish L2 speakers but also that the resulting Swedish phonological representations will be 
less robust and thus less durable in working memory than the representations of native speakers. This 
is in some sense similar to the fading of phonological representations in adults with post -lingual 
hearing loss (12). Importantly, for the purposes of this study, phonological representations are likely to 
be susceptible to noise, and the more fragile they are, the more susceptible to noise they are likely to 
be. 

The FUEL (2) highlights the multiple causes of listening effort. Some of these are bottom-up signal 
related phenomena such as noise and others are top-down phenomena related to the individual such as 
motivation and knowledge, including language knowledge. If acoustic noise interferes with the 
phonological processing required to perform successfully on a visual rhyme task in L2 learners, then it 
is also likely to interfere with their ability to process spoken Swedish  in a learning situation. 

2. METHODS 

2.1 Participants 
Twenty foreign exchange students at Linköping University (6 males, mean age 24 years) took part 

in the study along with a comparison group of nine students at Linköping University (3 males, mean 
age 24 years) who were native Swedish speakers. The foreign exchange students included ten 
Europeans, five South Americans, four Asians and one African; all of them were studying Swedish as 
a second language and had been in Sweden for on average 3 months, ranging between two and six 
months. All participants gave written informed consent. 

2.2 Experimental task 
The Cross-modal Phonological Awareness Test (C-PhAT, 11) is a visual rhyme task that taps into 

phonological processing. Pairs of characters, either two letters or one letter and one digit, are 
presented on a computer screen and the participant makes a decision on the phonological 
characteristics of those characters as quickly as possible. There are two versions of C-PhAT, a Swedish 
version and a Swedish Sign Language version. The two versions are based on identical materials; only 
the instructions given to the participant differ. The Swedish version was used in the present study. In 
this version, the participants are asked to determine whether the Swedish labels of the two characters 
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rhyme with each other. For example, the Swedish labels of “U” (/ʉː/) and “7” (/ɧʉː/) but not “E” (/eː/) 
and “H” (/hoː/) rhyme with each other. “Yes” and “No” button-press responses are collected 
automatically and d’ is calculated by adjusting hits for false alarms to adjust for response bias in 
accordance with signal-detection theory. The dependent variables from the experiment are d’ and 
response time (RT) for correct responses. 

There are two sets of C-PhAT material each including 24 trials and in the present study all 
participants performed the task with both sets of material in balanced order. One set of visual materials 
was presented in quiet and the other in background noise consisting of the International Speech Test 
Signal Noise (13). The materials were presented in black capital letters (Times New Roman, 115 
points), on a white background using a laptop computer (Dell notebook, 2012). The noise was 
presented using the soundcard of the laptop computer at the same comfortable level (18%) for all 
participants over headphones, and headphones were worn for the duration of the experimental task to 
ensure that any effect of noise was not confounded by the effect of wearing headphones. Thus, mean d’ 
and RT were calculated for quiet and noise conditions. 

2.3 Behavioural test battery 
Apart from the experimental task, six other behavioural tests were administered to all participants. 

These were Ravens Advanced matrices (9) which is a test of non-verbal cognition, a Swedish 
vocabulary test (10) and four tests reported in (11): 

Motor speed. The participant pressed one key as fast as possible 30 times using the dominant hand. 
The dependent measure was mean response time in s for one keypress.  

Cognitive speed. The Swedish words for ‘‘yes’’ and ‘‘no’’ were presented in unpredictable order on 
a computer screen for a maximum of five s and the participant’s task was to press the corresponding 
key as fast as possible. The dependent variable was the mean response time for correct trials.  

Letter decision. In the letter decision task letters were presented on a computer screen either in the 
correct orientation, or rotated 45, 90 or 180 degrees in the plane of the screen. The participant’s task 
was to determine whether each item was correctly oriented or not during the five second presentation 
period and make the appropriate keypress response as fast as possible. The dependent variable was 
percent correct responses.  

Lexical decision. Items consisting of three letters (two consonants and one vowel) were presented 
on a computer screen for a maximum of five s and the participant’s task was to determine whether each 
item was a Swedish word or not and give a key-press response as quickly as possible. There were 40 
trials and half the items were targets. The other 20 items were equal numbers of pseudowords 
(orthographically legal but non-lexicalized items) and non-words (orthographically illegal items). The 
dependent measures was d’. 

2.4 Data analysis 
The data (d’ and RT) from the experimental task were analysed using repeated measures analysis of 

variance (ANOVA) for the foreign exchange students alone and then for both groups together. T-tests 
were performed to determine between-group differences in test battery performance. Pearson’s 
correlations between the experimental task and test battery performance were also calculated  for all 29 
participants.  

3. RESULTS 

3.1 Experiment 
Experimental data were normally distributed and performance is shown in Figure 1. Two repeated 

measures ANOVAs were performed with d’ as the dependent variable, first one for the L2 group alone 
and another across groups. Both ANOVAs included noise as a within-group factor. Neither of the 
ANOVAs showed a main effect of noise, L2: F(1, 19) = 0.04, MSE = 0.03, p = .85; across-group: F(1, 27) 
= .97, MSE = 1.07, p = .35. The effect of group was significant, F(1, 27) = 12.18, MSE = 0.94, p = . 001, 
but there was no significant interaction between group and noise, F(1, 27) = 1.28, MSE = 1.07, p = .27. 
Due to the lack of the expected effect of noise, we performed the same set of ANOVAs with RT as the 
dependent variable. However, there was no significant effect of noise in either of the RT ANOVAs, L2: 
F(1, 19) = .59, p = .45; across-group: F(1, 27) = .004, p = .95. The effect of group was small and did not 
reach significance, F(1, 27) = 4.02, p = . 055, η2 = .13 and there was no significant interaction between 
group and noise, F(1, 27) = .55, p = .55. 
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Figure 1. C-PhAT performance. Error bars show standard error.  

3.2 Behavioural test battery 
Non-normal distributions were detected for Button pressing, Physical matching, Lexical decision, 

Letter identification, and Vocabulary but not Ravens matrices. The results of the test battery are shown 
in Table 1. Importantly, the two groups did not differ on Ravens Advanced Matrices, the measure of 
non-verbal cognition. Three of the L2 participants did not complete this test due to fatigue. 
Unexpectedly, the L2 group showed slower motor speed. However, there was no difference between 
groups on Physical Matching, our measure of cognitive speed. As expected, the L2 group had poorer 
Swedish vocabulary and poorer Swedish lexical decision ability. Two of the L2 participants did not 
complete the vocabulary test due to fatigue. It should also be noted that the L2 group had poorer letter 
identification than the Swedish comparison group. This may have been due to varying degree of 
familiarity with the Latin alphabet in the L2 group. 

 
Table 1. Performance in the behavioural test battery for the L2 group (n=20) and the Swedish 
comparison group (n=9). Missing data from L2 participants in Ravens Advanced Matrices (n=17) and 
Vocabulary (n=18). 

 

 
 

3.3 Correlations 
We report results from parametric tests, with a comment when non-parametric test showed a 

different result. C-PhAT performance correlated significantly with lexical decision, N = 29, r = .50, p 
= .006, and vocabulary, N = 27, r = .44, p = .02, but only in the quiet condition. There was also a 
significant correlation between lexical decision and vocabulary, N = 27, r = .72, p < .001. The pattern 
was the same for non-parametric correlations, except for the association between C-PhAT performance 
in the quite condition and Button pressing which was significant for the non-parametric test, N = 29, rs 
= -.44, p = .017. There were no other significant correlations between C-PhAT and the behavioural test 
battery. Surprisingly, there was no significant correlation between C-PhAT performance under the two 
conditions (quiet and noise). 

Mean SD Mean SD p sign.
Button pressing 76.21 24.89 130.52 94.18 0.03 *
Physical Matching, d' 2.61 0.31 2.72 0.51 0.47
Lexical decision, d' 3.22 0.68 1.00 0.41 < .001 ***
Letter identification, d' 3.60 0.17 3.37 0.31 0.02 *
Vocabulary 71.67 0.50 53.94 7.92 < .001 ***
Ravens Advanced Matrices 12.78 3.96 14.00 3.12 0.44

Swedish L2 t-test
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4. DISCUSSION 
The purpose of the present study was to determine whether acoustic background noise interferes 

with phonological processing in L2 learners. To this end, 20 adult exchange students who had been in 
Sweden between two and six months and who were learning Swedish performed a visual rhyme task 
(C-PhAT, 11) in quiet and in noise. ANOVA provided no evidence of an effect of acoustic noise on 
visual rhyme judgment in the L2 group. Thus, we found no evidence to support the notion that 
background noise contributes to effort in L2 listeners by interfering with phonological processing. 
There was no floor effect at group level that could have been driving the lack of an effect of noise. The 
noise used in the present study was ISTS noise that is created from short segments of speech in six 
different languages (13) and is thus speech-like but unintelligible. Previous work has shown that 
competing speech interferes more with both recognition and cognitive processing of speech than other 
kinds of fluctuating noise (14). Thus, there is no reason to suppose that our results are unreliable due 
to the sensitivity of the test or the type of noise used. However, although the same comfortable noise 
level was used for all participants, the absolute level of the noise was not measured in the present study. 
It is possible that the noise level was too low to interfere with phonological processing. In future work, 
the noise level should be well controlled. 

Although there was no effect of noise on C-PhAT performance, there was no correlation between 
the two conditions and further, the pattern of associations between C-PhAT performance and the 
behavioural test battery differed between conditions. This suggests that C-PhAT scores were 
differently distributed in quiet and noise conditions. Specifically, vocabulary and lexical decision 
performance predicted C-PhAT performance in quiet but not in noise. Non-parametric tests suggested 
a similar predictive value for Button Pressing. This suggests that the size of the Swedish lexicon and 
efficiency in searching it, as well as motor speed, were important for making phonological decisions in 
quiet but not in noise. According to the ELU model (4), access to the mental lexicon and the 
phonological representations stored there is vital for language understanding and that it is this process 
that is disturbed under challenging listening conditions when background noise is present. The pattern 
of correlations in the present study support this notion. 

As predicted, there was a significant difference between the two groups in rhyme judgment 
performance demonstrating poorer ability in the L2 group to process Swedish phonology. The L2 
group also had poorer vocabulary and slower lexical access than the Swedish group. Although we 
cannot separate the effects of phonological representation and processing, i t is likely that the 
discrepancy is due to poorer phonological representations in the L2 group due to their short exposure 
of on average 3 months to Swedish. Because there was no difference between groups in non-verbal 
cognition, it is unlikely that the effect of group is due to differences in the ability to process 
representations.  

5. CONCLUSIONS 
The FUEL (2) highlights multiple causes of listening effort, some of which are related to perception 

and some to cognition and yet others to individual factors such as motivation. We found no significant 
effect of background noise on L2 phonological processing in young adults and thus no hard evidence 
that background noise specifically causes listening effort at the cognitive level in early L2 learners. 
However, differences in correlation patterns suggested different phonological processing strategies in 
quiet and in noise, in line with the ELU model (4) and this in turn suggests a redistribution of cognitive 
resources. This phenomenon deserves further investigation. 
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ABSTRACT 
New and refurbished school buildings in England and Wales need to comply with criteria for acoustics set 
out in Building Bulletin 93 (BB93). However, the acoustic design strategy to comply with Equality law and 
to ensure that ‘people with disabilities, including those with hearing impairment, must not be placed at a 
disadvantage’, is unclear and is complicated by other design factors and current funding constraints. This 
paper sets out to establish acoustic criteria for inclusion of children with special, hearing and communication 
needs (SHCN) in mainstream classrooms, using a ‘reasonable adjustments’ approach (which underpins 
Equality law). Listening disadvantage is quantified by each type of need according to a review of the speech 
perception studies evidence base. Holistic design and management of the classroom is considered, by 
quantifying the prevalence of children with SHCN; examining classroom management strategies and 
provision of assistive listening systems; accounting for teacher’s voice protection; and considering other 
design aspirations (such as sustainability) alongside acoustic design objectives.  
 
Keywords: Classrooms, Inclusion, Special Educational Needs, Access, Speech Perception 

1. INTRODUCTION 
New and refurbished school buildings in England and Wales should comply with criteria for 

acoustics set out in Building Bulletin 93 (BB93) (1). In accordance with UK law (2), schools are 
required to make ‘reasonable adjustments’ to put children with disabilities on a more level footing. 
The Government’s specification for new and refurbished school buildings (3), requires that ‘People 
with disabilities, including those with a hearing impairment, must not be placed at a disadvantage by 
the design of the Building’.  

 
School Premises Regulations (SPR) guidance (4) states that ‘pupils with special needs may need 

to be taught in spaces with lower noise levels and shorter reverberation times than in mainstream 
classrooms’, and ‘where pupils with special needs are taught in mainstream schools, the acoustics of 
the spaces where they are taught may need to be enhanced to the same standards as those special 
units’, and ‘provision will usually be required to teach these pupils in smaller groups so that  noise 
from other pupils is lower and the distance between teacher and pupil is minimised ’.  Acoustics of 
Schools: A Design Guide (5) also acknowledges that pupils with SHCN should be taught in rooms 
which meet enhanced acoustic criteria and that ‘occasionally specialised provision may be directly 
attached to a mainstream class in the form of a ‘quiet room’ leading from the classroom’. The 
Government specification (3) requires the school design to ‘ensure and demonstrate that all layouts 
allow for disabled pupils to be able to access all activities on offer in at least one space of each type 
or within each suite’. This suggests that it would be acceptable to provide a quiet room or SEN room 
achieving the enhanced acoustic criteria within each teaching suite, and to send children with SHCN 
to these rooms to access the majority of their teaching and learning. However, whether this practice 
is inclusive is questionable (6). The acoustic strategy for inclusion in mainstream classrooms  is 

                                                        
1 emma@andersonacoustics.co.uk 
2 shieldbm@lsbu.ac.uk 

5966



 

 

complicated by the following: 
 
a) The current funding crisis in UK schools (7) has diminished resources to teach in small groups. 
b) It is difficult to achieve the enhanced reverberation time criteria  in mainstream classrooms, 
particularly low frequency reverberation time, given competition for wall space, and trends for 
exposed soffits for sustainability reasons.  
c) The UK Government’s budget does not currently allow for the enhanced BB93 acoustic criteria 
for pupils with SHCN to be provided in mainstream classrooms. 
b) Natural ventilation remains a priority, with indoor ambient noise levels up to 40-45 dBA. 
d) Assistive listening systems are not provided per se in general mainstream classrooms (8).  
e) Given the current prevalence, all mainstream classrooms should anticipate the presence of 
children with SHCN. 

2. Criteria 
 

2.1 Acoustic Criteria  
In order to comply with the Building Regulations (9) and the Government Specification (3), new 

school buildings in the UK must achieve the standards in BB93 (1) as summarised in Table 1 (for 
naturally ventilated classrooms). The criteria for refurbished school buildings must be achieved to 
comply with the Government Specification (3). ‘Rooms intended specifically for children with SHCN’ 
in mainstream schools include Special Education Needs (SEN) rooms and Designated Units or 
Specialist Resource Provision. The enhanced acoustic criteria for these rooms are practicable for 
smaller SEN rooms with low occupancy and high staff-to-student ratios, and a short communication 
distance. Ambient noise level criteria are based on an assumed teacher voice level and communication 
distance to obtain sufficient signal-to-noise ratio (SNR). SNR is also stipulated in the BATOD (10) 

and 2005 ASHA (11) guidelines. 
  

Table 1 – BB93 acoustic criteria for naturally ventilated classrooms 

 
Notes: a) APS = Alternative Performance Standard. b) BATOD (10) compliant. BATOD also recommends 20 dB SNR at 125-750 Hz, 

and 15 dB SNR at 750-4000 Hz; c) ASHA (11) compliant. ASHA also recommends 15 dB SNR. 

3. Prevalence of children with SHCN in mainstream schools 
SHCN covers several different types of special need as outlined in Figure 1. BB93 (1) states “In 

order to fulfil their duties under the Equality Act 2010, school client bodies should anticipate the 
needs of deaf and other disabled children as current and potential future users of the school”. The 
Equality Act also covers age discrimination (for example young children) and children with English 
as an additional language (EAL) (2). Both of these groups may be disadvantaged by poor acoustic 
conditions in the classroom and may also be considered as having SHCN. In order to address the 
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knowledge gap in this area, an assessment of the prevalence of children with SHCN in mainstream 
classrooms was undertaken following detailed analysis of Government statistics (12, 13), see Figure 
1.  

 
Overall prevalence of children with SHCN in mainstream schools (all needs  combined) is 6% (see 

Figure 2). The breakdown is 6.8 for primary schools and 5.6% for secondary schools. That is an 
average of just over 1 child per average sized secondary school classroom, and up to 2 per average 
sized primary school classroom. The most common forms of SHCN in mainstream schools are Speech 
Language and Communication Needs (3% of entire mainstream population), Specific Learning Need, 
which includes AD/HD and Dyslexia (2%) and Autistic Spectrum Disorder (1%). Hearing impairment 
specifically has a very low level of prevalence of 0.3%, or 0.1 children per classroom, which is less 
than 1 child per average sized primary school and less than 3 per average sized secondary school. 
There is a higher prevalence of children with EAL as shown in Figure 1. Children with temporary 
hearing loss account for up to 4 per average sized classroom (14). Clearly primary schools will also 
need to consider enhanced acoustic criteria which may apply to younger children who are more 
impacted by poor acoustics. 

 

Figure 1 – Prevalence of SHCN in average size mainstream classrooms (primary and secondary) 

 
Figure 2 – Prevalence of SHCN in mainstream schools (by specific need)  
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Whilst the attainment gap for hearing impaired students achieving expected grades is significant 

(15), it is smaller than for other forms of SHCN. National progress scores for English and Maths (16) 
reveal a gap of up to 10% for hearing impaired children, compared to 25% for ASD and 30% for 
Speech Language and Communication Needs. Whilst the use of averages should be treated with 
caution and prevalence will vary with individual school location and circumstances, the analysis 
reveals that the need to provide appropriate acoustic conditions for children with SHCN should be 
anticipated in every classroom. It also shows that, given the low prevalence of SHCN and the very 
low prevalence of children with hearing impairment, preferential seating and use of personal listening 
aids may be feasible classroom management strategies to help improve acoustic conditions and hence 
access to learning.  Where there is a significantly larger proportion of children with SHCN in a school 
cohort, this may suggest the need for a Specialist Resource Provision or Designated Unit.  

4. CLASSROOM MANAGEMENT & RESPONSIBILITY 
The major effect of poor acoustics in classrooms is the reduction of speech intelligibility. Acoustics 

of Schools: A Design Guide (5) recognises that ‘effective classroom management by the teacher is 
critical in ensuring that the pupils can have access to all that is spoken’, but ‘classroom management 
alone cannot ensure adequate speech communication’. It identifies types of personal listening aids 
which may be used to ensure pupils with SHCN are able to hear the teacher and  their peers. BATOD 
(10) also recognises the importance of classroom management and personal listening aids: 

 
“personal listening aids enhance SNR, reduce impact of unhelpful reverberation, 
particularly when a headset is used by the speaker” IoA/ANC Design Guide (5) 
 
“if ambient noise level [SNR] is controlled then high RT has a minimal effect when 
a personal listening aid is in skilled use and set up properly” BATOD (10) 

 
 It can be concluded that provision of good listening conditions for children with SHCN in 

mainstream classrooms is the combined result of the acoustic design, provision of personal listening 
aids and classroom management. In an attempt to identify acoustic design responsibility, the 
responsibilities for each listening mode (17) have been assigned in Table 2, together with common 
classroom management strategies. This exercise reveals that the primary responsibility of the acoustic 
design is to ensure teacher-to-student speech communication in quiet. Good control of noise and 
reverberation time (as required to support this listening mode for SHCN) will also help to control 
buildup of classroom activity noise to support other listening scenarios, and other non-spoken learning 
modes. 

Table 2 – Proposed classroom design and management responsibility  

Notes: a) Teacher to gather younger children on carpet/mat for critical listening scenarios; b) Teacher to use visual cues to quieten 
an active class before speaking; c) Address small groups/individuals and use roaming tactics around classroom. d) Teacher to repeat 
child’s answer to secure speech intelligibility  
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5. REVIEW OF THE EVIDENCE 
In order to help establish appropriate acoustic criteria for children with SHCN to ensure that the 

acoustic design of mainstream classrooms does not place people with disabilities at a disadvantage, 
a detailed review of the seminal research studies on speech perception has been undertaken. In a novel 
approach which seeks to quantify the disadvantage, it is proposed to examine the listening gap, ie the 
difference in average % speech perception scores between the impaired group and non-impaired group 
for each type of SHCN. This reveals the ‘inherent gap’ of the impaired groups (under ideal acoustic 
conditions), and the additional ‘acoustic gap’ caused by non-ideal acoustic conditions. It also helps to 
reveal consistencies between studies, as systematic errors/variations between studies are reduced. 
Significance tests between different groups and conditions are also examined, to help establish 
reasonably adjusted acoustic criteria for critical listening conditions in quiet which are robust, 
practicable and improve access to the mainstream classroom by disabled children.  

 
The review was screened to include those studies which quantified speech perception by subjective 

testing in realisable acoustic conditions, to reflect speech perception for teacher-to-student speech 
communication in critical listening scenarios, when classroom management is well considere d. 
Unfortunately, none of the screened studies examined listening performance via a personal listening 
aid, which is now commonplace. 

 
The detrimental impact of noise on aspects of children’s learning performance other than speech 

communication (for example reading ability, attention and memory tasks) in noisy conditions 
(typically 65 dBA babble) are well studied, and it is generally agreed that children with SEN are 
significantly more affected than their typically developing peers  (18).  Furthermore, occupied 
classroom noise levels of 50-70 dBA have been shown to be associated with higher average 
occurrences of repetitive behaviours by children with ASD, compared to quieter classrooms  (19). 
Results of these studies are beyond the scope of this paper, which focuses on the impact of acoustics 
on children’s speech perception in critical listening scenarios (quiet). However, they highlight the 
need to consider classroom management carefully when children with SHCN are working on tasks in 
mainstream classrooms. 

 

5.1 Factors to consider 
It is well known that the most important parameter affecting speech intelligibility is the signal -to-

noise ratio (SNR), and that this parameter is more important than reverberation time, although both 
factors affect speech intelligibility (20,21).  

 
Ambient noise level criteria are commonly derived based on the required SNR, and assumptions 

about the teacher’s voice level and communication distance to the listener (21,22). However it is 
important to ensure these assumptions account for classroom management strategies and provision of 
personal listening aids. Recent analysis (14) has shown that the occupied critical listening activity 
noise levels (students quiet, attentive and listening to the teacher), in average sized classrooms 
achieving 40 dB indoor ambient noise level, are expected to be up to 44 dBA. All studies in the 
following review used multitalker babble (meaningful speech) as the noise source, which may 
represent worst-case noise masking, compared to stationary or environmental ambient noise sources. 

 
The avoidance of very short reverberation times is necessary in real settings, where there is a 

balance to be achieved between control of reverberation time (to control activity noise levels as well 
as for good speech perception), and providing the early reflections necessary to support the teacher’s 
voice level and hence reduce vocal effort. Near ideal conditions for speech perception can be achieved 
over the range 0.2-0.5 s (20) given sufficient SNR, with acceptable conditions for normal hearing 
children achieved in reverberation times up to 0.9 s. This must be balanced with minimum 
recommended reverberation times of around 0.5 seconds for unoccupied classrooms to support 
teachers’ voice (14,21).  Recent analysis (14) reveals ‘Raised’ vocal efforts equivalent to 65 to 67 dBA 
at 1 m are typical for teachers addressing a quiet and attentive class in classroom reverberation times 
of around 0.5 seconds (22, 33, 34), which equates to at least 59 dBA at a typical worst-case listening 
distance of 6 m in secondary schools, indicating that +15 dB SNR is achievable  throughout a typical 
classroom with a 40 dB ambient noise level, and +20 dB SNR is achievable at preferential seating 

5970



 

 

locations of up to 1.5 m. 
 
Control of reverberation time at low frequency is also cited as being important for hearing impaired 

listeners (5, 10) who may be reliant on their residual hearing at low frequency and more affected by 
upward spread of masking. However even after consulting educational audiologists and BATOD who 
informed the BB93 criteria, it has proved difficult to find experimental speech perception evidence 
which examines the variation of low frequency reverberation time in isolation to support this, or 
quantifies the importance of low frequency room reverberation when a personal listening aid is in 
skilled use.      

 

5.2 Quality of Evidence 
The majority of speech perception studies which met the screening criteria (22-28) examined the 

listening disadvantage of children with hearing loss (minimal-to-moderate n = 4, severe to profound 
n = 2), and only two of these 6 studies looked at variation of reverberation time in addition to SNR. 
However children with hearing loss represents just 0.3% of the mainstream school population. One 
study looked at EAL children (19% of mainstream population) but only examined SNR under anechoic 
conditions (however inferences have been made from the hearing impaired studies which examined 
both SNR and RT, to obtain a recommended signal-to-noise ratio for ideal reverberation times). One 
study looked at effects of both reverberation time and SNR on age of pupils (for realistic acoustic 
conditions typical of a modern compliant acoustic design), which is applicable to primary school 
populations. 

 
Many studies tested at low signal-to-noise ratios, not representative of teacher-to-student 

communication in well managed critical listening scenarios, and focused on longer, non-compliant 
reverberation times. Not surprisingly, test conditions of 0.9-1.2 seconds RT revealed average word-
recognition deficits (compared to listening under 0.3-0.4 s RT) of 15-20% for hearing impaired 
children. Normal hearing children were similarly affected when listening to individual word tests, but 
there was no significant disadvantage to listening at 0.9 s RT when they listened binaurally to test 
sentences at good SNRs. This suggest that reverberation times of around 1.0 s and above are unsuitable 
not only for hearing impaired children, but also for normal hearing children with lower language 
acquisition skills who may not be familiar with the speech material and are unable to make use of the 
redundancy in sentential speech (for example young children or children with EAL or APD).  

 
There is a distinct lack of speech perception evidence for children with other needs (SLCN, AD/HD, 

ASD, APD, visual impairment) (14) and therefore detailed results for these needs cannot be reported 
as part of this review. Studies for these groups (19, 29-32) tend to focus on benefits from using 
personal listening aids, and the few studies which do address acoustic conditions have carried out 
experiments in low SNR conditions (-5 to + 5 dB) and have not considered variation of reverberation 
time. There is some evidence (30) that high functioning students with ASD or Asperger ’s syndrome 
require up to 3.5 dB higher SNR to achieve equal speech perception and therefore the inference is to 
target a classroom SNR of at least +15 dB for this group. The general lack of evidence for these needs 
is a concern, considering that they form the vast majority of the SHCN population  in mainstream 
schools. 

 

5.3 Results 
Detailed results of the review are discussed in a previous paper (14). The summary in Figure 3 

presents the total listening disadvantage as the inherent % gap (ideal near anechoic, quiet acoustic 
conditions), and additional acoustic % gap (for the recommended acoustic condition). As expected, 
groups with minimal hearing loss, EAL, and younger learners exhibit the smallest inherent listening 
gap of less than 5%, which is not considered significant, since this gap was comparable to the standard 
deviation reported within the group. However children with a significant hearing impairment were 
more severely disadvantaged. Children with severe-to-profound hearing loss (listening without a 
personal aid) experienced the greatest disadvantage compared to their typical hearing peers, with an 
inherent listening gap of up to 12% and a total listening disadvantage of 30% or more when 
reverberation times were 0.6 seconds or greater (14, 24). 
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Despite variations in the experimental studies and presentation of the speech testing material, 
results are remarkably consistent between the studies which examined the same need. An inherent gap 
of 6-7% was obtained for children with mild-to-moderate hearing loss. An inherent gap of 9-12 % was 
obtained for children with severe-to-profound hearing loss.  

 
Whilst the ideal acoustic conditions associated with the inherent listening gap may not be 

reproducible naturally throughout a room, use of personal listening aids with close microphone 
technique may help to approach these conditions by capturing direct sound in the near field (excluding 
reverberation) and amplifying to achieve +20 dB SNR. According to Finitzo-Hieber & Tillman’s 1978 
study (23) the ‘acoustic gap’ under 0.3-0.4 s RT and +20 dB SNR is an additional 7%, however it is 
possible that this gap would reduce with the benefit of modern digital hearing aids, binaural listening, 
and using sentential speech (rather than individual words) as test material. For the more recent studies 
of children with severe-to-profound loss who benefitted from these advantages, no acoustic gap was 
apparent, provided that +20 dB SNR and 0.3 s RT was maintained. 
 

 
Figure 3 – Summary results of speech perception evidence review (14) 

6. CONCLUSIONS 
This review was undertaken to explore how classroom acoustics criteria might be reasonably 

adjusted to ensure children with SHCN are not placed at a disadvantage in mainstream classrooms. 
On average, all mainstream primary and secondary classrooms, need to anticipate the presence of 
children with SHCN, who require improved acoustic conditions to avoid being placed at a 
disadvantage.  
 

On balance, a reasonably adjusted criterion for reverberation time (to protect teachers’ voice level 
whilst achieving good speech intelligibility for SHCN) is considered to be 0.5 seconds unoccupied, 
corresponding to around 0.45 seconds occupied, in combination with +15 dB SNR. This criterion is 
practicably achievable in BB93 compliant naturally ventilated typical mainstream classrooms with an 
ambient noise level of up to 40 dBA. Pupils with hearing impairment will benefit from even shorter 
effective reverberation times and boosted +20 dB SNR via skilled use of a personal listening aid.   

 
The reasonably adjusted acoustic criteria for mainstream classrooms proposed in this paper should 

be further developed by carrying out further research into the impact (or otherwise) of low frequency 
reverberation time in rooms when a personal listening aid is being used, and addressing the lack of 
speech perception evidence for under-studied SHCN needs beyond hearing impairment.   
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ABSTRACT 
It has been known that hearing impaired people need more strict room acoustic requirements than normal 
hearing people for verbal communications. Therefore, several design guidelines exist, such as a maximum 
reverberation time of 0.4 s in classrooms, signal to noise ratios (SNR) higher than 15 dB, and ambient noise 
levels lower than 35 dBA. We measured noise levels and room impulse responses of 12 rooms in two schools 
for hearing impaired children, a dormitory apartment with 3 rooms, and a church mainly for the hearing 
impaired in the Republic of Korea and extracted room acoustic parameters. Subjective reverberance and 
quality of verbal communication and well-being are obtained through questionnaires and interviews with 
hearing impaired students.  
 
Keywords: Classrooms, church, dormitory, hearing impaired people, reverberation time, speech clarity, noise  

1. INTRODUCTION 
Hearing impaired people have more challenges in verbal communication under noisy and bad 

acoustic conditions. Effects of reverberation and noise on the intelligibility of sentences have been 
investigated, e.g., see Ref. (1). In room acoustics, speech transmission index (STI) derived from the 
modulation transfer function is normally used to describe the combined effect of noise and 
reverberation on speech intelligibility. Using STI, it was found that for hearing-impaired subjects 
every 3-dB hearing loss for speech in noise (elevation of the speech-reception threshold in terms of 
S/N ratio relative to the speech-reception threshold for normal-hearing subjects) can be compensated 
for by an increase of 0.1 in STI. For classrooms, this increase can be obtained by reducing the 
reverberation time significantly (2). Since many hearing-impaired subjects have hearing losses for 
speech in noise larger than 3 dB, Plomp and Duquesnoy concluded that the hearing impaired need 
much lower reverberation times and lower background noise level than the normal hearing (2). 

The American Speech-Language Hearing Association (ASHA) published “Guidelines for 
addressing acoustics in educational settings,” that called for background noise levels not to exceed 30 
dBA, reverberation times not to exceed 0.4 seconds, and an overall teacher signal-to-noise ratio (SNR) 
of larger than 15 dB (3). Generally, these specifications were confirmed by the American National 
Standards Institute (ANSI) by publishing “ANSI S12.60-2010 Acoustical Performance Criteria, 
Design Requirements and Guidelines for Schools/Part 1: Permanent Schools” that, based on the room 
size, recommends that background noise level not to exceed 35 dBA, reverberation time (RT) not to 
exceed 0.6-0.7 seconds, and a SNR of +15 dB (4). The latest Danish Building Regulations published 
in 2018 (BR18) also set out a similar reverberation time limit of 0.6 s for classrooms and learning 
                                                        
1 chj.elektro.dtu.dk  
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rooms (5). The only exceptions are rooms for singing and music, smaller than 250 m3, for choral and 
acoustic music, which can have reverberation times up to 1.1 s. Several room acoustic studies also 
concur with the building recommendations. Bradley concluded that optimum reverberation times of 
0.4 s to 0.5 s for classrooms with a uniform background noise level of 30 dBA using subjective test 
and theoretical prediction of U50 (6). Yang and Hodgson also found some useful speech intelligibility 
scores for normal hearing and hearing impaired people, in two different signal to noise (SNR) 
conditions, 0 and 5 dB (7).  

Many studies have reported that these acoustic requirements are rarely fulfilled in reality. For 
example, McCroskey and Devens found that the recommended acoustical conditions had been 
achieved in only one classroom out of nine investigated (8), and Crandell and Smaldino reported that 
none of the 32 classrooms they studied met recommended criteria for noise levels (9). Only 9 rooms 
out of 32 satisfied for reverberation in another study (10).  

We have investigated two schools, one church and one dormitory for hearing impaired people in 
the Republic of Korea and compared to the previously recommended acoustic conditions. We have 
conducted ISO 3382 measurements for objective quantification of room acoustic conditions (11). A 
questionnaire and individual/group interviews were supplemented to strive to search for a meaning 
correlation between the objective parameters and subjective responses. 

2. Rooms 

2.1 Two schools 
Seoul National School for the Deaf (SNSD) was founded in 1913, having 95 students enrolled 

covering kindergarten to high school classes. Another school for hearing impaired children in Seoul, 
Seoul Samsung School (SS), was founded in 1957, with 109 students enrolled, covering from a 
kindergarten to high school. These are two large schools for hearing impaired children in Seoul, Korea. 
Five classrooms in SNSFD and seven classrooms in SS were measured. 

2.2 Church 
Youngnak chuch of the deaf is a relatively big church mainly for hearing impaired people, founded 

in 1946. Its dimensions are approximately 23 m, 17 m, and 4 m, ending up with a volume of 1564 m3. 

2.3 Dormitory 
Nongawon dormitory (founded in 1957) is a residential facility, where 34 hearing impaired people 

live. Three people share an apartment, which has a living room, bathroom, kitchen, and three 
bedrooms. One apartment was measured. 

 

        

(a)       (b)         (c) 
Figure. 1. Photos of the measured rooms (a) SNSD, (b) Youngnak church, (c) Nongawon dormitory. 
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3. Methods 

3.1 ISO 3382 measurements 
Room acoustic conditions were measured according to ISO 3382 (11). Due to small volumes of the 

measured rooms and limited time, it was not always possible to make 12 source-receiver combinations 
as suggested in ISO 3382. For Youngnak church, reverberation time T20 and STI are of main concern. 
For the dormitory and classrooms, only T20 is presented.  

3.2 Questionnaire 
A questionnaire was distributed to collect the users’ acoustic satisfaction regarding reverberation, 

speech clarity, and external/internal noise. All the questions were rated on a 5-point scale and 
answered in December 2018. 

3.3 Interviews 
Hearing impaired people usually receive a lot of questionnaires and tend not to take them very 

seriously. As the two schools cover a broad age range from kindergarten to high school, it was decided 
to interview with the pupils who use the measured classrooms as of May 2019, assuming that the 
results of which would make a better correlation to the objective measurement than the questionnaire 
results. Individual interviews are known to more precise so we tried to avoid group interviews for two 
reasons. First, the interview results could possibly be biased by certain strong opinions in a group 
interview. Second, the interviewee are hearing impaired children, who might face even bigger 
challenges in group conversations, e.g., lack of concentration and difficulties in conversing in a big 
group. However, we ended up with a group interview in one classroom (High school 3-2) at SS due 
to limited time allowed. The interviews were conducted only in SS in May 2019.  

4. Results 

4.1 Classrooms  

4.1.1 Objective measures, T20  
All the classrooms measured turn out not to comply with the ASHA limit of 0.4 s as shown in Fig. 

2. In general, SNSD has longer reverberation times than SS. In SS, the reverberation time gradually 
changes from 0.45 s to 0.61 s as shown in Fig. 2 (bottom). The noise levels in occupied conditions 
vary from 31 dBA to 42 dBA. 

 
4.1.2 Questionnaire and interview results 

No good correlation is found between T20 and subjective speech clarity in Table 1 conducted in SS. 
Here the subjective speech clarity ratings [5, 4, 3, 2, 1] mean [Extremely good/Perfect, Good, Normal, 
Bad, Extremely bad]. Moreover, the subjective rating of every classroom is higher than 3, although 
the reverberation time of every room is longer than the ASHA limit.  

We could speculate some reasons. First, the reverberation time change is not large enough, only 
varying from 0.46 to 0.61 s. Second, the number of respondents is small and also varies with 
classrooms, from 3 to 8 people. Third, the ages of the respondents vary from 10 to 18 . Particularly, 
younger students enrolled in the elementary school have difficulties understanding the question about 
the speech clarity and seems not experienced to evaluate the acoustic quality. Perhaps they do not 
have a decent reference/experience on good acoustic conditions with cochlea implants and hearing 
aids. Although many eventually answered that the speech clarity was ‘Perfect’, they spent a lot of time 
understanding the sentence of questions clearly and therefore the teachers repeated the same questions 
several times. We asked an additional question if they could perceive any acoustical difference in 
different spaces, and most of them answered negatively; 63% answered ‘No’ and the rest answered 
‘Rarely’. This potentially indicates that they might not understand the question correctly. While 
younger students used the high scores (4 and 5) in the speech clarity question, older students (18 years 
old) could use a wider score range and therefore the room High 3-2 has the lowest mean and largest 
spread. 

Potential reasons for the good rating might be a small number of students in the class and short 
distance from the teacher. Many rooms have dimensions of 4.8 m (D) × 6.3 m (W) × 2.7 m (H) and 
the distance from the teacher was mostly within 2 m (shortest 1.3 m, longest 3.0 m).  
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(a) 

 
(b) 

Figure. 2. Reverberation time T20 (a) SNSD, (b) SS.  
 

Table. 1. Reverberation time T20 and subjective speech clarity results in SS. 

 Science Ele 6-1 Ele. 5-2 Ele. 5-1 High 3-1 High 3-2 Mid. 1-1 

Octave-band 
averaged T20 (s) 0.43 0.49 0.49 0.51 0.54 0.64 0.66 

Questionnaire 3.9 3.3 3.5 3.7 4.4 4 3.8 

Interview 4.5 4.5 5 4.6 5 3.6 5 
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4.2 Church 
The reverberation time T20 in the church is shown in Fig. 3, including the 63 Hz octave band. The 

mean reverberation time is 0.74 s averaged across the frequency bands. This reverberation time cannot 
meet the ASHA limit, but compared to other worship places, the reverberation time is  much shorter, 
and this might be a reason for a satisfactory subjective speech clarity rating.  

The average of STI values in 13 source-receiver combinations was found to be 0.69 with a standard 
deviation of 0.03, meaning a good speech communication quality. This value corresponds to the 
qualification scale “C” of high speech intelligibility according to IEC 60268-16 (12). Note that the 
same standard states that modern churches typically have a nominal STI value of 0.58 (Category “E”). 
Therefore, it is concluded that this church has a better speech indelibility than other modern churches, 
but no data are found regarding church acoustics for hearing impaired people.  

The noise level in an unoccupied condition is quite stable over the church, varying from 33 dBA 
to 35 dBA. With an open window, 39 dBA is measured. The unoccupied noise level satisfies the ANSI 
recommendation, but not the ASHA recommendation. 

The church was subjectively rated as fair-to-good in terms of speech clarity (mean speech clarity 
rating of 3.3) and not disturbing in terms of noise annoyance (mean noise annoyance rating of 1.6). 
Here the subjective noise annoyance ratings [5, 4, 3, 2, 1] mean [Extremely annoying, Annoying, 
Slightly annoying, Not disturbing although noise heard, No noise heard]. The subjective ratings are 
in line with the objective room acoustic parameters. 

 
 

4.3 Dormitory 
The reverberation time in the dormitory Nongawon is shown in Fig. 4. The longest reverberation 

time was found to be 0.76 s averaged across the measurement points and frequency bands in the living 
room, as it the largest room volume and connected to the kitchen. The big bedroom has an averaged 
T20 of 0.49 s and the small bedroom has a T20 of 0.41 s. 

Unoccupied noise levels are found to be 34-38 dBA, which is close to what is recommended by 
ANSI and ASHA, although this is not a classroom. The speech clarity was evaluated as fair-to-good 
(subjective score of 3.3) and noise annoyance was rated as slightly disturbing (noise score of 2.3). 
They commented that chair dragging noise, computers, and conversation during night were 
particularly annoying. 

 

 
Figure. 3. Reverberation time T20 in Youngnak church. The error bar means the standard deviation.  
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Figure. 4. Reverberation time T20 in Nongawon rooms. 
 

5. CONCLUSIONS 
The acoustic conditions of several rooms for hearing impaired people in the Republic of Korea are 

measured and presented. In the two schools measured, no classroom could satisfy the reverberation 
time requirement of 0.4 s. The correlation between the reverberation time and subjective speech clarity 
is poor, and it is difficult to obtain reliable subjective responses for several reasons. The noise level 
was measured to vary from 31 to 42 dBA in occupied conditions, while the recommendation was given 
for unoccupied conditions.  

The church has a reverberation time of 0.74 s averaged across the frequency and 13 source -receiver 
combinations and a mean speech transmission index of 0.69. As it is a worship space, the acoustics 
could be much more reverberant than as it is. According to IEC 60268-16, this church has a higher 
speech intelligibility than typical modern churches. The unoccupied noise level seems proper for the 
intended use. 

The dormitory has no acoustic design guideline. The reverberation time in the living room is 
longest as 0.67 s, and the speech clarity is evaluated as fair-to-good. The noise in the dormitory is 
slightly disturbing with main sources of chair dragging noise and computer noise. 
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ABSTRACT 

Sensory abnormalities have often been reported as symptoms of ASD, and auditory over-responsiveness 

(AOR) is the most common sensory-perceptual abnormality in individuals with Autism Spectrum Disorder 

(ASD). This abnormality has been reported to interrupt behavioral adaptation, and sometimes even requires 

therapeutic intervention. 

Recently, we reported that a greater acoustic startle reflex magnitude in response to weak stimuli of 65-85 dB 

was found in children with ASD compared to those with typical development, and that this index was related 

to various clinical features, including sensory problems, autistic traits, emotional/behavioral difficulties, and 

adaptive/maladaptive behaviors in ASD children. This intensity level of acoustic stimuli is frequently 

experienced in everyday situations including the classroom environment. We addressed sound environmental 

issues in several different types of school, including special-needs schools and nursery schools on a remote 

island in Japan. Creating an auditory-friendly school environment that provides a comfortable and inclusive 

learning space is an especially important issue to address for the healthy development of ASD children with 

AOR. 

 

Keywords: Autism spectrum disorder, Sensory abnormality, Classroom acoustics 
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Sensitivity analysis for hybrid room acoustic simulation regarding spatial data
of receiver

Philipp SCHÄFER, Michael VORLÄNDER

Institute of Technical Acoustics, RWTH Aachen, Germany, philipp.schaefer@akustik.rwth-aachen.de

Abstract
To overcome the limitations of methods using geometrical acoustics, Ray Tracing and Image Source algorithms
can be combined with well-known numerical approaches - such as Finite Element Method (FEM) - which
consider wave-based effects and therefore produce more sophisticated results in the lower frequency range.
For this purpose, a room is modeled for both methods and then simulated separately. In a second step, the
overall result can be received by uniting the distinct results in the frequency domain. A challenging aspect of
room acoustic simulations is the acquisition of input data such as the receiver positions. The question arises
how accurate this data has to be measured for the purpose of room acoustic simulations. Thus in the present
work, a sensitivity analysis is conducted to determine the influence of deviations in the receiver position on the
simulation result.

Keywords: Room Acoustics, Simulation, FEM, Ray Tracing, Image Sources

1 INTRODUCTION
The question of how the sound field in a room changes over space has been tackled in prior studies. Usually,

the spatial fluctuation is investigated by comparing change of room acoustic single number quantities with the

distance between two receiver points. Studies, such as by Witew et al. [6], are based on simulation methods us-

ing approaches from geometrical acoustics. Thus, in the present work a hybrid approach combining the strength

of geometric and wave-based simulations is made. This paper focuses on the low to medium frequency range

where wave-based effects like room modes are considered. For this purpose, investigations of the spatial devia-

tion of reverberation time T30 in a reverberation chamber are carried out. In this context, it is also investigated

whether these deviations have a directional component.

2 HYBRID WAVE-BASED AND GEOMETRICAL ACOUSTIC SIMULATION TOOL
When combining wave-based and geometric acoustic (GA) methods for room acoustic simulations, two models

have to be designed. The models should be equivalent in their geometric and acoustic properties. Furthermore,

the simulation settings have to be adjusted to the considered problem. Afterwards, both simulations can be

carried out independently. Both results are then combined using a cross-fade filter in the frequency domain [3].

Since the wave-based result is usually band-limited, the crossover frequency should be in an adequate distance

below the upper cut-off frequency. The overall procedure of this simulation approach is illustrated in figure 1.

More details on the distinct simulation methods are given in the following sections.

2.1 FE simulation via COMSOL
For the calculation of the low frequency range room transfer function, the well-known finite element method

(FEM) is utilized. This method allows to numerically solve the Helmholtz wave equation giving a volume mesh

of the considered room. As additional input, the boundary and source conditions have to be specified using

impedances and velocities. This method allows to evaluate the sound pressure at each point within the room

using a single simulation. In this work, all simulations are carried out using COMSOL Multiphysics 5.4 [1]

including the Acoustics Module.
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Figure 1. Block diagram of hybrid wave-based and geometrical acoustic simulation.

2.2 RAVEN
The geometrical acoustic simulation tool RAVEN [5] uses a hybrid approach of image sources and stochastic

ray tracing. Giving an simple surface model of the considered room, it allows to predict the room impulse

response (RIR) of specified source-receiver pairs. The boundary conditions are modeled using the frequency-

dependent absorption and scattering coefficients α and s. Although the sources are considered to be points,

arbitrary sources can be modeled using a directivity and free field sensitivity. On the other hand, the receiver is

modeled as point for the image source method but as sphere for the ray tracing method.

3 SIMULATION SCENARIOS
The scenarios considered in this research take place in the reverberation chamber at ITA of RWTH Aachen.

They are based on a former investigation of Pelzer et al. [4]. Of the three suggested boundary condition

scenarios, only the first two are considered here - the empty reverberation chamber and a scenario with mineral

wool at two of the walls (see [4], section 3, scenario a) and b)). Both scenarios are shown in figure 2. A single

source is used to excite the room. Since only mono RIRs are considered in this work, all receivers are modeled

as omnidirectional. Thus, no further geometries (such as a dummy head) are added to the FE room model. In

the following, the two considered scenarios are referred to as

• Empty room

• Absorber wall

3.1 Boundary conditions
The boundary conditions are the only parameters that are varied between the simulation scenarios. There are

two materials considered here: The reverberant wall of the room and a mineral wool that acts as absorber. Their

acoustic parameters - specific impedance, absorption coefficient and scattering coefficient - are shown in figure

3. The data is taken from [4]. While in scenario "Empty room" only the first material is used, in scenario

"Absorber wall", the mineral wool is applied to two walls (see fig. 2).

5983



(0, 0, 0)m

(-8.591, 0, 0)m

(-8.11, 5.574, 2.688)m

(0, 0, 2.688)m

Figure 2. Room model of the reverberation chamber at ITA of RWTH Aachen. The source position is marked

as blue, the center position of the receiver grid as red circles. For the scenario "Absorber wall", the mineral

wool is applied to the two walls highlighted in light blue. The room has a rectangular shape except for the left

wall which is placed in an angle greater than 90◦ and two beams at the ceiling.

3.2 Source model
A single source is used to excite the room. Although compared to [4] the source position is unchanged at

(−6.902,1.714,1.543)m, it is modeled as perfect monopole with a flat frequency response for both simulation

methods. Thus, no directivity is applied to the GA source model.

3.3 Receiver positions
In context to the research question, multiple receivers are placed in form of a grid for the simulation. The grid

has a resolution of 1cm in x-, y- and z-direction respectively and is centered at (−1.817,3.591,1.696)m. It

spans from −5cm to +5cm in each direction around the center leading to a total number of receivers of

Ngrid = 113 = 1331. (1)

3.4 Simulation settings
The simulation settings are summarized in table 1. It is important to mention that the crossover frequency

roughly corresponds to the Schroeder frequency of the considered room. Furthermore, a highpass filter (butter-

worth, order 8) is applied to the FE results to remove potential zero order modes.

Table 1. Simulation settings

COMSOL

Simulation frequencies 0.1Hz : 0.1Hz : 400Hz

Highpass filter fcutoff = 10Hz

Mesh frequency 340Hz

(5 elements per wavelength)

RAVEN

Image source order 4

Radius of receiver sphere 0.2m

Number of rays 100,000

(per frequency band)

Combination filter

Crossover frequency 340Hz

Filter type Butterworth

Filter order 16

Ambient settings

Static pressure 101000Pa

Temperature 291.35K (18.2◦C)

Relative humidity 43%
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Figure 3. Acoustic boundary conditions of the two utilized materials according to [4]. Note that the specific

impedance magnitude of the mineral wool is plotted using a scale of factor 10 (right y-axis). Furthermore,

the specific impedance for the reverberant wall is real-valued and calculated from the corresponding absorption

coefficient. The scattering coefficient is assumed to be 5% for both materials at all frequencies.

4 RESULTS
For each scenario and each receiver position, a combined broadband room impulse response is simulated. Ex-

emplarily, the room transfer functions at the grid’s center position are shown in figure 4. To compare the results
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Figure 4. Room transfer functions for both scenarios evaluated at the center position of the receiver grid.

between different receiver positions, single value room acoustic parameters can be utilized [6]. The reverbera-

tion time is one of the most frequently used room acoustic parameters. Especially, in the context of absorption

coefficient measurements in reverberation chambers it is of special interest. Thus, the reverberation time T30 is

calculated for each RIR according to [2] for third-octave bands. No noise compensation is used, since the noise

floor of the simulation results is expected to be very low (numerical noise only).

4.1 Statistical spreading over receiver grid
In order to get an impression of how the reverberation time changes over the receiver grid volume, the relative

deviation is calculated for each point. As a reference, the mean value over all grid points rrri

Tmean =
∑

Ngrid

i T (rrri)

Ngrid
(2)
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is used. Then, the relative deviation at observation point rrr becomes

ηT (rrr) =
|(T (rrr)−Tmean)|

Tmean
. (3)

The results are shown in the boxplots in figure 5. Note that the minimum frequency is limited to 80Hz due
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(a) Scenario: Empty room
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Figure 5. Boxplots of relative deviation of reverberation time over the receiver grid for both scenarios and third

octave bands. The maximum whisker size is set to four times the interquartile range.

to the maximum length of the RIRs (tmax = 1
Δ f = 10s) and the high reverberation time of the room at low

frequencies (T � 10s). As expected, ηT is very small at frequencies below 125Hz where the wavelength is

much larger than the receiver grid. Furthermore, it can be observed that the statistical spreading is higher for

the scenario "Absorber wall". For both scenarios, ηT has the highest variance in the lower frequency bands

around approximately 200Hz where the result is based on the FE simulation. Above the crossfade frequency

of 340Hz the deviation is much smaller. Only in scenario "Empty room" for f ≥ 10kHz an increase of ηT is

observed again which is most likely caused by the effect of air absorption. A visual inspection of the EDCs of

the lower frequency bands shows that the energy decay is not strictly exponential but shows ripples (not shown

for brevity). Thus, the observed deviations might be caused by a non smooth decay process. Also for scenario

"Absorber wall", there is a mismatch in the variance at the crossover between the FE and GA results. This

suggests that in this frequency range, wave-based effects are not negligible and therefore the GA approach is

not sufficient. In the following section, further investigations are conducted for the FE frequency bands.

4.2 Distance between receiver points
In order to set the deviation of the reverberation time in relation to the distance between observation points,

additional parameters are introduced. Assuming two receiver positions rrrn and rrrm and the vector

Δrrr = rrrn −rrrm =
(
Δrx Δry Δrz

)ᵀ
(4)

connecting them, then the spatial three-dimensional distance between both receiver points can be expressed

taking the absolute value of each component:

ddd =

⎛
⎝

dx
dy
dz

⎞
⎠=

⎛
⎝
|Δrx|
|Δry|
|Δrz|

⎞
⎠ (5)
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On the other hand, the absolute inter-receiver distance is calculated by applying the l2-norm:

d = ‖ddd‖= ‖Δrrr‖=
√

Δr2
x +Δr2

y +Δr2
z (6)

Regarding the simulated reverberation times, the absolute deviation between these two observation points is

ΔT (rrrn,rrrm) = |T (rrrn)−T (rrrm)| . (7)

The relative deviation is derived normalizing eq. 7 to the mean reverberation time of the receiver grid (eq. 2):

ηT (rrrn,rrrm) =
ΔT (rrrn,rrrm)

Tmean
. (8)

For the investigation in the following two sections, eq. 8, 5 and 6 are evaluated for all receiver pairs along the

receiver grid resulting in

Ndata = Ngrid ·
Ngrid −1

2
= 885115 (9)

data pairs of d and ηT or ddd and ηT respectively. It is important to mention, that Ndata exceeds the number of

possible inter-receiver distances. Thus, values of ηT referring to the same distance d or ddd are summarized using

a respective mean operation:

ηT (dn) = ηT (di = dn) (10)

ηT (dddn) = ηT (dddi = dddn) (11)

4.3 Evaluation of absolute distance
In this section, the influence of the absolute distance between two observation points on the reverberation time is

investigated. For this purpose, the relative deviation of the reverberation time is evaluated according to section

4.2 and processed according to eq. 10. Note that at high distances (d > 0.14), the number of data samples

used for the average is very small (e.g. there are only four receiver pairs with d = dmax =
√

3 · 0.1m). The

results for both scenarios are shown in figure 6. As expected, ηT grows with increasing inter-receiver distance.
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(a) Scenario: Empty room
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(b) Scenario: Absorber wall

Figure 6. For both scenarios, the relative deviation in the reverberation time ηT is shown as function of the

absolute inter-receiver distance d. Values that refer to the same distance are summarized using eq. 10.
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Furthermore, there are large differences between the considered frequencies. This is likely to be caused by

modal effects. For most frequencies, the scenario "Absorber wall" has a higher deviation in reverberation time

than the scenario "Empty room". At 250Hz and 315Hz, it is even above 15%. Due to the absorber material on

two of the walls, the sound field is less diffuse. Thus, a higher fluctuation of the reverberation time over space

is expected. ηT might also be increased since the receiver grid is placed very close to the absorber walls.

4.4 Evaluation of 3D-distance
Now, an investigation similar to the previous section is done regarding the three-dimensional distance ddd. There-

fore, the reverberation time data ηT (ddd) is processed according to eq. 11. The results are shown in multiple

(a) Scenario: Empty room@ 200Hz (b) Scenario: Absorber wall@ 200Hz

(c) Scenario: Absorber wall@ 250Hz (d) Scenario: Absorber wall@ 315Hz

Figure 7. Scatter plot of the relative deviation of reverberation time ηT as function of the inter-receiver distance

vector dx, dy and dz. Values that refer to the same distance vector are summarized using eq. 11.

scatter plots in figure 7. For the considered frequencies, it can be seen that ηT not only depends on the inter-

receiver distance, but also on its directional components dx, dy and dz. The differences between the directions
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can be large. For example at 250Hz in the "Absorber wall" scenario, the deviation at dx = 0.1m can be up to

16% whereas at dx = 0m it is below 1%. In this case, dx seems to be the "dominant" direction for the change

of the reverberation time. Comparing the three results for scenario "Absorber wall", this direction also seems

to change with frequency. Furthermore, it seems to be influenced by the boundary conditions as can be seen

comparing the results at 200Hz. Additional investigations are necessary to check whether this phenomenon can

be reproduced in further simulation scenarios.

5 CONCLUSIONS
In the course of this work, it could be shown that for the considered scenarios the reverberation time T30

calculated from hybrid room acoustic simulations significantly deviates over a small receiver grid. The high

fluctuation can be observed in the frequency bands just below the Schroeder frequency where the results are

based on the FE tool.

In the scenario with absorber around the crossfade frequency of 340Hz, a mismatch in the variance of the rel-

ative deviation of T30 between the FE and GA results could be observed. Here, the approximation of geometric

acoustics might not be valid due to the strong difference of the absorption coefficients of the walls. Thus, the

FE simulation should be extended to higher in future studies in order to validate this.

It could be shown that in average, the relative deviation of T30 increases with the distance between two ob-

servation points. Also for the frequency bands around 200Hz, this spatial deviation seems to be directional.

Depending on the considered frequency and the boundary conditions, the deviation towards one direction (x, y
or z) is greater than towards the others. As expected, this phenomenon is more prominent in the scenario with

absorber.

The findings of this study suggest that - depending on the considered frequency range, the room geometry

and boundary conditions - the FE results of a hybrid room acoustic simulation might vary significantly even

for small changes in the receiver position due to modal effects. Additional investigations have to be done to

evaluate this. In this context, a variation of the receiver grid position and size is of interest. Most importantly,

the spatial deviation of additional room acoustic parameters should be investigated.
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ABSTRACT 
The level of detail of a simulated model as well as the assignment of the materials acoustic properties have 
been largely debated and optimal guidelines have been determined based on the approximations of the 
scattering algorithm of the simulation tools. These aspects are of great importance when investigating the 
differences between geometrical-acoustic (GA) based and wave-based methods. To this aim the present study 
refers to objective and subjective evaluations of wave-based simulations (finite difference time domain 
method) in a shoebox concert hall, which has been previously studied through GA-based methods. Three 
models, that consider 1) reflective, 2) low scattering, and 3) high scattering conditions of one of the long 
lateral walls, have been simulated in order to determine the conventional acoustic parameters such as early 
decay time (EDT), reverberation time (T30), clarity (C80), definition (D50). GA-based and wave-based 
simulation results have been compared to measured data. Furthermore, a preliminary subjective investigation 
has been performed in order to determine the sensitivity of listeners to the surface diffusivity variations in 
different listening positions. 
 
Keywords: Sound, Simulation, Wave-based, Scattering, Level of modeling detail. 
 

1. INTRODUCTION 
The level of modeling detail (LOD) has been object of continuous research since the geometrical 

acoustic (GA) models have been introduced as a predictive tool (1–3). More in depth has been 
investigated objectively and subjectively also the diffusive surface modeling detail (4,5). The basis of 
this interest is mainly related to the fact that the LOD is considered a systematic uncertainty factor in 
GA models. Conversely, it should be considered that a high level of detail leads to an increase of the 
GA modeling efforts, which can be time consuming. The LOD related to diffusive surface modeling is 
also of interest for finite-difference time-domain (FDTD) simulations (6,7) approximating the wave 
equation in the context of room acoustics. However, more insight is needed regarding the LOD issues 
in FDTD simulations (8). 

Besides the objective parameters that might be affected at some extent by the LOD, also the 
auralizations plausibility must be considered. It is very important to simulate in an appropriate way the 
temporal, spectral, and spatial aspects of an impulse response, which are strongly affected by the 
presence of diffusive surfaces (9).  

In this study, the FDTD method (10) has been used to simulate the model of a variable-acoustics 
concert hall. The work consists of the simulation of two conditions of one lateral wall, which are put in 
a reflective and diffusive configuration. The aim of the simulations is to examine the effect of surface 
structures on the reflected sound through comparisons with measurements and GA-based simulations 
based on ISO 3382 acoustic objective parameters: early decay time (EDT), reverberation time (T30), 
clarity (C80), and definition (D50).  
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2. METHODS 

2.1 Room model 
The model of a shoebox concert hall, the Espace de Projection at IRCAM in Paris (Figure 1), has 

been considered in these simulations. This room has been extensively studied both through 
measurements (11) and simulations (4) based on GA software (Odeon 13.00); thereby in this work 
have been introduced only the conditions of its simulation with an FDTD method. 

The room has a rectangular geometry (24 m × 15.5 m × 10 m) and a variable acoustics. The 
geometry and the acoustical properties of the hall can be varied by controlling 172 independently 
rotating prismatic module panels (2.3 × 2.3 m). The variable acoustics is obtained by varying the 
properties of these three-dimensional structures; the prisms show different acoustic properties for each 
face when rotated. The particularity of the room relies also on the properties of the absorptive material 
which is of two typologies: absorptive at low frequencies (type A), while the other one absorbs at high 
frequencies (type B).  

Two conditions were considered in the framework of this study. The two hall configurations, which 
have been considered also in (4) and (11) were chosen. The models are generated by varying the 
properties of only one lateral wall and maintain the same conditions of the rest of the room. The lateral 
wall was set at two different acoustic conditions: reflective and diffusive. The ceiling and the other 
walls have been fixed to an absorptive condition with absorption coefficients based on type A and type 
B panels’ properties. The floor has been considered as a hard-reflective surface. Two separate CAD 
models have been created (Figure 1, a and b): the reflective condition (RF), which is modeled with flat 
surfaces, and the diffusive condition, which has diffusive surfaces modeled as 3D triangular structure 
(DM). Material properties are expressed in terms of acoustic admittances assigned as boundary 
conditions to surfaces (10). 

 

a)  b)  

c)  d)  
Figure 1 – Snapshots of wave propagation in FDTD model confined to x-y plane at with point source at 3.7m 

height, in calibration model (DM, left) and reflective model (RF, right). Diffraction due to variations in 

material at left wall is clearly visible (c and d). Scattering due to diffusive geometry can also be observed. 
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2.2 Numerical method 
The numerical method used for the wave-based simulations is the FDTD method described in (10). 

The numerical grid spacing for these FDTD simulations were chosen such that approximation errors in 
the form of numerical phase velocity were below 2% up to 8kHz. As the FDTD method solves the wave 
equation directly, diffraction and scattering are inherently simulated by waves interacting with the 
model geometry (see, e.g., Figure 1).     

2.3 Calibration 
Despite a high level of fidelity to the physical acoustics afforded by the FDTD method, some 

calibration of the model can be expected due to input data uncertainties. Additionally, boundary 
conditions for the employed FDTD method are generally specified in terms of complex impedances 
(modelling frequency-dependent absorption), but complex impedance data were not readily available.  
As such, diffuse-field absorption coefficients were used as a starting point to find a complex 
impedance with a target absorption profile (see, e.g., (10)). The absorption coefficients calibrated from 
the GA simulations in (4) were used as a starting point for calibrating the FDTD method.  Focusing 
primarily on the diffusive surfaces, absorption coefficients were calibrated according to measured 
T30s following general guidelines established for the calibration of GA models (4, 12). T30s obtained 
from simulated data were found to be within approximately one JND with respect to measurements 
(Figure 2). It can be observed that also the other parameters show a good match with the measured date, 
except for the frequency 125 Hz. In this instance, this agreement was achieved by varying absorption 
coefficients within +/- 0.04 Sabins/m2 of values provided in (4). 

 
 

 
Figure 2 –Objective acoustical parameters for calibration model (DM1) obtained after initial calibration. 

2.4 Simulation set-up 
The simulation set-up consisted of 24 receivers and one source position. The receivers covered one 

half of the room and have been located at a height of around 3.70 m from the floor level. The sound 
source also was maintained unvaried and positioned midway between the axis of symmetry of the 
room and the lateral wall. The post-processing of the simulated data has been carried out using 
ITA-Toolbox, an open source toolbox for Matlab (13). 

 

2.5 Room acoustic parameters 
The same parameters used in GA simulations and measurements analyses based on of ISO 3382 -1 

(14) have been used also for the FDTD simulations. The values of four parameters, that is, 
reverberation time (T30), early decay time (EDT), clarity (C80), definition (D50), have been presented 
in octave bands as mean values over all the receiver positions in order to assess the accuracy of the 
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calibration process. ITA-Toolbox, which comply with the ISO 3382-1:2009, has been used to analyze 
the impulse responses. The Just-Noticeable Differences (JNDs) has been used as criteria to judge the 
significance of the variations due to the change of the surface properties.  

3. PRELIMINARY RESULTS AND DISCUSSIONS 
The FDTD method has been used in this study to investigate the differences between the reflective 

(RF) and diffusive (DM) condition of a lateral wall in a shoebox concert hall.  First a calibration 
process has been shown and the objective acoustic parameters based on ISO3382 have been estimated 
and compared to measured and GA-based simulations results. Acoustic properties assigned within the 
FDTD method were adjusted with respect to the GA simulations in order to calibrate to measurements. 
The objective evaluation of T30, EDT, C80, and D50 in each model (RF and DM) showed a good 
match with the measured data. The calibrated simulation results will serve as the basis of listening tests 
to evaluate perceptual accuracy. A perceptual evaluation will be carried out through listening tests in 
order to determine the difference between the reflective and diffusive condition. All the objective and 
subjective results will be compared to the in-field measurement and Odeon (v13.00) simulation results, 
that have been introduced in (4, 11). 

The findings of this study aim at giving more insight on the fidelity of FDTD simulations of concert 
halls and large spaces, and at establishing guidelines for calibration processes in the presence of 
uncertain input data. 
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Abstract
The acoustics of opera houses represents an interesting topic in scientific literature due to their architectural and
morphological characteristic traits (shape, materials, coupled volumes). A way to exploit the outstanding value
of Italian theatres acoustics is to perform different typologies of music while adding or removing acoustically
significant elements on the stage. Numerical simulations may be used as useful tools for designing distinct
layouts and for optimising such performances. The present study investigates strengths and weaknesses of
two different room acoustics modelling approaches: geometrical acoustics (GA) and wave-based methods. The
commercial GA software ODEON and a hybrid ray-tracing and finite-difference time- domain (FDTD) approach
are applied in this work. Measurements carried out in a sample of Italian Opera houses provide reference data
for 3D virtual models calibration. Preliminary comparisons between room acoustical simulation methods are
shown and discussed.
Keywords: opera house; acoustic simulation; ray-tracing; wave-based method; finite-difference time-
domain.

1 INTRODUCTION
The particular features of theatres designed for classical opera cause recurrent and precise acoustic effects that
have always raised a great interest in the scientific community [1, 2]. The present study describes a comparison
between two distinct simulation methods used on a sample of four historical Italian opera houses to investigate
advantages and disadvantages of each approach when applied to this kind of performance spaces [3]. Acoustic
data obtained with a series of physical measurements campaigns were considered as reference point during the
assessment of the different performances.

2 METHOD
The opera houses taken under study represent an heterogeneous sample since they vary in the main hall shape,
the construction materials, the volumes and the reverberation conditions (see Fig. 1 and Tab. 1). Between
2014 and 2016 these theatres were surveyed through a massive acoustic measurement campaign carried out
according ISO 3382-1 [4, 5]. Objective room criteria were extracted from the impulse responses acquired using
the exponential sine sweep technique, with two sound source points on the stage and a mesh of receivers
spread throughout stalls, boxes and galleries. A simplified numerical model was created for each opera house
under study and was maintained for both the simulation methods adopted, on one hand a geometrical acoustics
algorithm and on the other hand a hybrid wave-based and ray-tracing method.

2.1 Geometrical acoustics
The ray-based software select in this work uses a hybrid algorithm that mixes the deterministic image source
method approach for the early reflections and the statistical ray-tracing for the reverberant tail. A frequency
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(a) BOL (b) BON (c) ALI (d) DUS

Figure 1. View of numerical 3D models employed in both the calibration processes.

Table 1. Main features of the sample of the opera houses surveyed.

Shape Vhall Vflytower N Tiers of boxes/galleries Prosc. Arch Year T30,M
(m3) (m3) - - W x H - (s)

BOL Bell 5500 19900 1000 4 boxes + 1 15 x 12 1763 1.46
BON Horse shoe 3130 8900 798 4 boxes + 1 12 x 7.8 1846 1.70
ALI Horse shoe 3360 5280 835 4 boxes + 1 12.5 x 11.7 1852 1.21
DUS Modern 7400 2820 999 2 galleries + balcones 10.3 x 11.2 1940 1.32

dependent series of absorption coefficient was assigned to the layers of numerical models as well as scatter-
ing values allowed to compensate the lack of modeled details and to consider wave phenomena as diffraction
effects [6, 7].

2.2 Wave-based method
The hybrid wave-based method uses a finite-difference time-domain procedure for low and medium frequencies
and ray-tracing for higher frequencies. In theatres like those surveyed in this work the threshold frequency was
approximately 4 kHz, depending mainly on the volume and the available compute resources. Material properties
are expressed in terms of acoustic admittances assigned as boundary conditions to surfaces [8].

3 PRELIMINARY RESULTS AND DISCUSSIONS
In order to compare the results between the simulations methods two different calibration processes were carried
out employing the same common geometries and achieving the match with measured room criteria (reverber-
ation time, early decay time, sound clarity and centre time). Firstly the calibration of numerical models was
developed using the geometrical acoustic software with absorption and scattering coefficients taken from previ-
ous scientific literature and then adjusted through an iterative procedure. The absorption values obtained at the
end of the process were successively used as starting point for the choice of boundary conditions in the wave-
based method. The final absorptive properties resulting from the two calibration approaches show the highest
difference in scattering elements as the seats in the stalls and the furniture within boxes and galleries.
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Abstract
Room acoustic simulation tools based on geometrical acoustics fail to predict accurately the behaviour of rooms
at low frequencies. This inaccuracy can lead to poor acoustic conditions especially in rooms of moderate volume,
such as classrooms and meeting rooms. The present paper tackles this problem by introducing a simulation
technique for room acoustics based on the Image Source Method and the Equivalent Source Method. These
methods are implemented in the time domain to achieve efficient calculations with reliable results for low to
medium frequencies. Given a source emitting a pulse signal in a room, image sources up to different orders are
defined to determine early reflections. With the direct sound field from the original source and the contributions
of the image sources, the remaining part of the sound field is solved by the Equivalent Source Method to account
for late reflections and diffraction effects. The results of the test simulations carried out show that this combined
Image-Equivalent Source Method is a suitable option for room acoustics.
Keywords: Room Acoustic Simulation, Equivalent Source Method, Image Source Method

1 INTRODUCTION
The current state of room acoustic simulation is well-suited for mid to high frequencies or large volumes, such
as concert halls and auditoria, thanks to the principles of geometrical acoustics. Geometrical acoustics methods
are indeed reliable in these conditions and computationally efficient, but they fail at producing accurate results
at low frequencies. Wave-based methods are the most common solution in acoustics for simulating low fre-
quencies, with the Finite Element Method and the Boundary Element Method being the most popular. However,
they have the disadvantage of being computationally heavy and thus unpractical for room acoustics. The Equiv-
alent Source Method (ESM), however, is a compromise solution. Similarly to the Boundary Element Method, it
simulates the sound field by placing sources around the boundaries of the domain, but the main difference lies
in the approximations used to reduce the calculation load. It is therefore an interesting candidate for simulat-
ing room acoustics at low frequencies. Furthermore, it is possible to easily combine the ESM with the Image
Source Method (ISM) to enhance its accuracy at a low computational cost. Calculations performed in the time
domain also allow to limit computation time since one simulation is enough to cover the whole frequency range
considered.

The Equivalent Source Method is typically used to calculate sound radiation or scattering from objects. Kropp
and Svensson [1] laid the foundation of the ESM in the time domain for acoustic problems, and Lee, Brentner
and Morris [2] furthered its study. Recently, Lee [3] gathered the state-of-the-art knowledge on the topic and
established guidelines to solve radiation and scattering problems. The present study is the first step towards
a different approach of solving interior problems with the ESM, where the sound field inside a room will be
simulated rather than around an object.
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2 THEORY
The sound reflection on a single plane with rigid boundaries will be investigated in this paper. In all the
simulations considered, sound propagates freely from sources to receivers in a three-dimensional domain. This
propagation is described by the free field Green’s function in 3D:

G(r, t) =
1

4π

δ (t− r/c)
r

, (1)

with r the distance between a source and a receiver, c the speed of sound, and δ the Dirac function. Given a
source with a prescribed volume velocity q(t), the sound pressure at a receiver is obtained after multiplication
with the Green’s function and integration over time:

p(r, t) =
1

4π

q(t− r/c)
r

. (2)

When several sources emit at the same time, their individual sound pressures are summed up to obtain the total
sound pressure at the receiver.

The Equivalent Source Method allows to calculate the sound field inside or around an object by solving the
boundary condition equation. To do so, the plane considered in this study is discretized with control points.
With the sound source on one side of the plane, a virtual surface with same dimensions is created on the
other side and discretized with equivalent sources. The number of equivalent sources can be lower than that
of surface points to reduce computation time, leading to an overdetermined problem. The volume velocities of
these sources are then determined so that the sum of the incident sound field from the original source and the
reflected sound field from the equivalent sources satisfies the boundary conditions on the control points. In this
paper only rigid boundaries are considered. In terms of sound pressure, it is equivalent to

−→
∇ pr ·−→n =−

−→
∇ pi ·−→n , (3)

with pi the incident sound pressure, pr the reflected sound pressure, and −→n the unit normal vector pointing
towards the original sound source. If the volume velocity time signal of the original source is known as an
analytical and derivable formula, the gradient of the incident pressure can be calculated directly. The reflected
sound pressure, however, is related to the volume velocities of the equivalent sources that need to be determined.
By noting qe the volume velocity of the equivalent source e and using equation (2), the reflected pressure
gradient is expressed as

−→
∇ pr =

1
4π

∑
e

(
−qe(t− re/c)

r2
e

− 1
cre

∂qe

∂ t
(t− re/c)

)
−→ure . (4)

In this equation, re represents the distance and −→ure the unit directional vector from the equivalent source e to the
surface point under consideration. Numerical methods, including the ESM, work in a discrete time domain. In
order to represent t−re/c in discrete time, the volume velocities qe are discretized assuming linear interpolation;
hence, their derivatives are approximated with first order. With τe = t−re/c, the neighbouring discrete time steps
are noted t−e and t+e such that t−e ≤ τe ≤ t+e . Applying the time discretization to equation (4) with a time step
∆t, the boundary condition in equation (3) becomes

1
4π∆t ∑

e

(
−τe− t−e

r2
e
− 1

cre

)
qe(t+e )−→ure ·

−→n =−
−→
∇ pi(τe) ·−→n −

1
4π∆t ∑

e

(
− t+e − τe

r2
e

+
1

cre

)
qe(t−e )−→ure ·

−→n . (5)

It appears that the volume velocities of the equivalent sources at a new time step can be determined from pre-
vious time steps, resulting in a marching algorithm. The system made of the equations for all surface points
can be written in matrix form and solved at once with the least squares method for each time step.
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Figure 1. Source signal in the time domain and its frequency content. Solid blue line: fs = 16000Hz; Dashed
red line: fs = 1600Hz.

The Image Source Method also relies on solving the boundary condition equation. Given a source in front
of a single plane, an image source is located in the symmetric position relative to the plane. The signal of
the image source is then adjusted to fulfill the boundary conditions. In the case of rigid boundaries, the image
source simply emits the same signal as the original source.

In order to combine image and equivalent sources in one method, the image source for the single plane is
first implemented. Its contribution is added to that of the original source to form the incident sound pressure,
which is then incorporated in the ESM algorithm. This will later on be called the Image-Equivalent Source
Method (IESM).

The Edge Diffraction Method [4] is based on the theory from Biot and Tolstoy [5] about reflection around
an infinite rigid wedge. The sound field is decomposed between incident wave, specular reflection, and diffrac-
tion waves with an opposite polarity emanating from the edges of the scattering object.

3 NUMERICAL SETUP
The simulation setup consists of a single plane with rigid boundaries that extends from −2.5m to 4.5m in the
x-direction and from −3m to 4m in the z-direction. A point source is located at the coordinates (−1m, 1.5m,
1m) and emits a Gaussian pulse which volume velocity is

qi(t) = e−
(t−t0)

2

2s2 . (6)

t0 represents the center time of the pulse and s is the standard deviation controlling the width of the pulse in the
time domain. These parameters are set to t0 = 5ms and s = 0.5ms. This pulse was chosen in order to limit the
frequency bandwidth of the signal used in the simulations. The corresponding source signal and its frequency
content are shown in Figure 1 with two different sampling frequencies fs. By taking 3dB below the maximum
amplitude, the cut-off frequency of the pulse is found to be 400Hz. The sampling frequency is thereafter set to
1600Hz, limiting the simulations to frequencies below 800Hz.

Firstly, the growth rate of computation time in the ESM relative to the size of the problem is investigated.
Different simulations are performed with varying spacing between surface points. The spacing between equiv-
alent sources is set 4 times larger than between surface points, meaning that each source is centered between
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Figure 2. Close up view of the plane discretization. Blue dots: surface points; Red crosses: equivalent sources.

16 points, as seen in Figure 2. The distance between the surface plane and the virtual plane comprising the
equivalent sources is 11.4mm. The single plane reflection being a very simple case, the residual of equation
(5) is nearly constant in all simulations. Thus, a convergence study is not performed here.

Secondly, the sound pressure at three receivers with coordinates (2m, 2m, 1m), (−3.5m, 1.5m, 1m) and
(−5m, 1m, 1m) is investigated. This placement is chosen so that the reflection points corresponding to those
receivers are respectively located on the plane, on the edge of the plane, and outside the plane. In the ESM
the plane surface is discretized with control points spaced by 71.5mm, corresponding to one sixth of the wave-
length for the highest frequency. In the ISM only one image source is required for the single plane case, but
this method has the drawback of assuming an infinitely large plane where diffraction cannot be represented.
Concerning the IESM simulation, the same parameters are applied as with the ESM and ISM taken separately.
The Edge Diffraction Method calculates the response to a unit Dirac pulse. This impulse response is obtained
in the time domain with only the first diffraction order, and it is then convoluted with the Gaussian pulse in
equation (6).

4 RESULTS AND DISCUSSION
Although the single plane reflection case with rigid boundaries does not allow to study convergence, the compu-
tation time of the Equivalent Source Method can be investigated. Of particular interest is the way computation
time increases with the size of the problem to be solved. Here, the size of the problem is varied by changing
the spacing between control points on the surface, hence modifying the density of surface points h. The ratio
between surface points and equivalent sources being fixed, the spacing of equivalent sources also varies accord-
ingly. The result of this investigation is presented in Figure 3. The computation time of the ESM is seen to be
proportional to the square of the surface point density, therefore it grows with second order. This means that
refining the discretization of the surface would be attractive if the residual in equation (5) converges with order
2 or higher. As previously mentioned, it is unfortunately not possible to verify this convergence rate with the
present test case.
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Figure 3. Evolution of the computation time of the ESM according to the surface point density h. Solid blue
line: computation time of the simulations; Dashed black line: O(h2).

The sound pressure at the receivers is now considered. For the first receiver, the reflection point is located
on the plane. Consequently, the specular reflection should be the same as for an infinite plane, which is the
case simulated with the ISM. This is in agreement with the results in Figure 4. Indeed, the direct sound and
specular reflection is the same for all the methods used. However, discrepancies arise for the modelling of
the diffraction that reaches the receiver between 0.03s and 0.04s. The ESM and the Edge Diffraction Method
show a fair agreement in the sound pressure, even though the ESM seems to underestimate the amplitude of the
diffraction. Besides, it appears clearly here that the waves emanating from the edges are in antiphase with the
specular reflection. With the Image-Equivalent Source Method, the result obtained is identical to the ISM. This
has a simple explanation: the sound field emitted by the image source satisfies the boundary condition in equa-
tion (3), therefore the equivalent sources remain inactive in the simulation. In order to account for diffraction
effects in this case, the single plane should be modelled with a finite thickness. The equivalent sources would
then be activated to fulfill the boundary conditions on all faces of the plate. The diffraction effect being absent
of IESM simulations in this single plane case, this method will not be considered for the other two receivers.

The next receiver position was chosen so that the reflection point is located on the edge of the single plane. It
implies that the specular reflection and the diffraction wave coming from that edge reach the receiver simultane-
ously. As seen previously, the specular and diffraction reflections are in antiphase, thus desctructive interference
occurs. Given the size of the plane, this applies to the whole frequency range and the amplitude of the resulting
reflection is expected to be half of what would be observed for an infinite plane [6]. This is what is observed
in Figure 5 where the specular reflection in the Edge Diffraction Method is half as strong as in the ISM. How-
ever, the reflection of the ESM is not as attenuated. This is a confirmation that the ESM underestimates the
amplitude of the diffraction. The sound pressure at the third receiver yields the same observations. The location
of this receiver makes the reflection point to be situated outside the plane. Naturally, it is seen that the specular
reflection is even more attenuated in this case, although not as much for the ESM as for the Edge Diffraction
Method.

In these examples it was seen that the ESM is not as accurate as the Edge Diffraction Method. However,
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Figure 4. Sound pressure at the receiver with reflection point on the plane. Solid black line: Image Source
Method; Dotted blue line: Edge Diffraction Method; Dashed red line: Equivalent Source Method (left) or
Image-Equivalent Source Method (right).
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Figure 5. Sound pressure at two different receivers with reflection point on the edge of the plane (left) or
outside the plane (right). Solid black line: Image Source Method; Dotted blue line: Edge diffraction Method;
Dashed red line: Equivalent Source Method.

the accuracy is expected to be improved in the IESM. With the help of an image source accounting for the
specular reflection, the equivalent sources will be devoted to model diffraction. Applying the IESM to a closed
room will also allow to avoid the problem encountered here where equivalent sources remain inactive. An-
other topic that was not covered in this paper and will require attention for room acoustic simulation is the
description of boundary conditions. In realistic room cases, the boundaries have a finite impedance that is
frequency-dependent. This changes the boundary condition equation in the time domain with additional terms
depending on past events.

5 CONCLUSION
This paper investigated the performance of the Equivalent Source Method and the Image-Equivalent Source
Method for a single plane reflection with rigid boundaries. The ESM was seen to be accurate to model the
specular reflection but slightly underestimated the amplitude of diffraction effects. The computation time was
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also found to grow with second order, although a convergence study could not be carried out to complement
this finding. The IESM, however, could not yield correct results due to the boundary conditions being fulfilled
by the image source alone; hence, the diffraction could not be modelled. This problem can later be encountered
in room acoustic simulations with hanging reflectors for example. In order to activate equivalent sources and
correctly model diffraction, such reflectors would need to be given a finite thickness. It is expected that the
IESM will be more accurate than the ESM with similar convergence rate and growth rate of computation time.
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Abstract
Computational simulations are helpful when studying acoustical properties of rooms. This represents a chal-
lenge when very small rooms, such as office video/phone booths, are taken into account. The volume of these
rooms generally does not exceed 15 m3 and the first modes occur at higher frequencies if compared to larger
rooms. Computational room acoustics considers two main techniques of modelling sound propagation: geomet-
rical and wave-based. As geometrical modelling is not the most suitable approach for low frequencies since the
phase performs an important part in the physics at this frequency range, in the present study, a rectilinear FDTD
scheme routine was implemented to obtain the impulse responses for low frequency bands of a voice booth,
using proper boundary conditions derived from digital impedance filters (DIF). In order to obtain broadband
impulse responses, high frequency impulse responses were acquired using a commercial software based on ge-
ometrical methods. Both responses were later filtered with low-pass and high-pass filters based on Schroeder
frequency, and then assembled. Finally, the results extracted from the impulse responses of simulations were
compared with data obtained from field measurements.
Keywords: Sound, Computational, Boundary

1 INTRODUCTION
The need to perform computational simulations to obtain acoustic room parameters is evident even when there
are pre and post in situ measurements in the room to be treated. They can predict room configurations without
the need of moving to the field. In Brazil, rooms such as voice booths have been increasingly used in offices in
order for the user to obtain a higher level of privacy, to make small meetings or calls. These rooms generally
do not exceed 15 m3 in volume, and Schroeder’s frequency occurs at higher frequencies when compared to
larger rooms, implying that booth has modal behavior in a broader band of frequencies. The modal frequencies
end up reaching the speech bands, and there is still no consensus on how to measure room parameters in such
small volume. In [1], a method is presented to measure the frequency response of this type of room, obtaining
alike curves between several voice booths with different configurations and dimensions, performed by Harmonia
Acústica 1. Because of this behavior, this type of room is ideal for studying wave-based methods, such as
the finite-difference time-domain method (FDTD) [2], finite volumes and finite elements. Ray-based methods
are not the most suitable for this type of room because they suppress phenomena such as diffraction at low
frequencies, not adapting the room’s response, which can lead to large inaccuracies in the values generated by
the simulation. The FDTD has its advantages by being easily implementable, impulse responses obtained are
already in time-domain, and it has a DIY aproach, whereas other methods need a few other software available
for creating meshes, and ABCs based on parameters other than the coefficient of absorption, such as impedance,
often difficult to achieve for specific materials.
In 2008, Kowalczyk [3] presented boundary conditions for the FDTD method based on digital impedance filters

1www.harmoniaacustica.com.br
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(DIF), which is obtained from the absorption coefficient of the boundary, taking into account important physical
considerations, but presenting only numerical results. In 2017, Reuben [4] showed that the model has a good
application for computational simulations, but also no tests have been done to attest the use of the program in
comparison to in situ measurements. An advantage of this method however is that there is no need to do the
simulation for each frequency band since the modelled boundary is independent of the frequency, decreasing
the execution time intensively.
Although the model has shown convergent solutions for some simulated room configurations, it is desired to
study the applicability of this boundary model, comparing results obtained from simulations and measurements.
The intention is to find a point of similarity of parameters obtained with the simulation and with the measure-
ments, presenting a mutual validation.

2 OBJECTIVES
The goals of this study are to compare measurements and simulation results of 1/3 octave band frequency
responses and T30 of the voice booth, in order to assess the applicability of the DIF boundary model in an
rectilinear FDTD grid for very small rooms.

3 METHODOLOGY
The process for obtaining the impulse responses presented a certain level of complexity amidst the simplicities
presented a priori. The method of measurements is also presented in this section.

3.1 The wave equation and FDTD method
After doing a discretization of the undamped homogeneous wave-equation [2, 5], and some algebra manipula-
tion, one may get that the update equation for the sound pressure p(x,y,z, t) in a rectinilear 3D FDTD grid
is

pn+1
i, j,k =

1
3

Sn
i, j,k− pn−1

i, j,k , (1)

where

Sn
i, j,k = pn

i+1, j,k + pn
i−1, j,k + pn

i, j+1,k + pn
i, j−1,k + pn

i, j,k+1 + pn
i, j,k−1 , (2)

with i, j and k denoting spatial indices for x, y and z directions and n denoting the time-step index. The Courant
number, a constraint given by λ = c T

X , where T is the time-step in seconds, X is grid spacing in meters and
c is sound speed in air, was chosen to be λ = 1√

3
to get to Equation (1) in its form. This value satisfies the

condition to minimize the dispersion error with the rectilinear grid topology [3].
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Figure 1. Rectinilear topology for the grid Figure 2. Ghost node for x+ boundary

Different topologies would require Equation (1) to be more complicated. The rectilinear topology for the 3D
FDTD grid can be described by interconnected nodes, presented in Figure 1.

3.2 Boundary model
The boundaries must be considered as locally reacting surfaces (LRS), i.e., the normal component of the particle
velocity at the surface of the boundary depends on the sound pressure in front of the boundary element and not
on pressure in front of neighbouring elements [3]. This holds for boundaries that do not propagate vibrations
in the direction parallel to the boundary surface. For a boundary in the right, i.e., in the x+ direction, it is
necessary that the ghost node - the node that is out of simulation bounds - in position i+ 1 is eliminated in
equation (1), as illustrated in Figure 2. The nodes of sound pressure in positions i, j,k− 1 and i, j,k+ 1 are
suppressed in the figure. For a pressure-centered approximation, Kowalczyk [3] showed that the equation for
the right boundary is

pn
i+1, j,k =

√
3

ξω

(pn−1
i, j,k− pn+1

i, j,k)+ pn
i−1, j,k , (3)

where ξω is the specific acoustic impedance of the boundary. This approach may cause solution growth during
execution depending on the form of the modelled room [6]. To reverse this problem, the velocity-centered
approximation is used:

pn
i+1, j,k =

√
3

2ξω

(pn−1
i, j,k− pn+1

i, j,k)+ pn
i, j,k . (4)

For normal incidence in the boundary (which is the case for locally reacting surfaces), ξω may be written as

ξω(z) =
1+R0(z)
1−R0(z)

, (5)

where R0(z) is the boundary reflection coefficient at normal incidence [3, 6], and |R0(z)| =
√

1−α , with α

being the sound absorption coefficient of the boundary. Therefore, ξω is expressed as an arbitrary magnitude
IIR digital filter with transfer function given by

ξω(z) =
b0 +b1z−1 +b2z−2 + ...+bNz−N

a0 +a1z−1 +a2z−2 + ...+aNz−N , (6)
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where each z−m represents a delay of m samples in a multiplied discrete variable, by the time shifting property
of the Z-transform.
Finally, substituting (4) in (1), and using (2) and (6), the final update equation for the right boundary is

pn+1
i, j,k =

[
1
3

N

∑
m=1

bm(pn−m+1
i, j,k +Sn−m+1

i, j,k − pn−m+1
i+1, j,k )+ ...

+
N

∑
m=1

pn−m
i, j,k

(√
3

6
am−bm

)
+ ...

−
N

∑
m=1

pn−m+2
i, j,k

(√
3

6
am +bm

)]
÷

(√
3

6
a1 +b1

)
. (7)

To get to (7), the transformation m→ m+1 is needed so that the sums start at 1 because the chosen program-
ming language has no zero-based arrays. For the designed digital filter coefficients happens that am→ am−1 and
bm→ bm−1 in equation (6), e.g., the first coefficients in the sums, a1 and b1 will actually be a0 and b0 in (6),
respectively.
The purpose of writing Equation (7) in three distinct parts is because they have different constraints over the
sums, so that the for loops iterations have variables with time index greater or equal than 1. The constraints
are given by

n > m , (8a)
n > m+1 , (8b)

n > m−1 ∧ m > 2 , (8c)

for first, second and third sum in (7), respectivelly.
Equations for other boundaries are obtained analogously, but the subtracted term in the first sum would be the
ghost node to be eliminated for that boundary, e.g., for a boundary in negative x direction (x−), the first part
of the update equation becomes

1
3

N

∑
m=1

bm(pn−m+1
i, j,k +Sn−m+1

i, j,k − pn−m+1
i−1, j,k ) , (9)

and if the boundary material is different, the digital filter coefficients values am and bm would also be different.
The equation for a surface boundary in the form of (7) has a straightforward approach, but equations for bound-
aries such as edges and corners can get very complicated, so the applied technique was to use an arithmetic
sum over the filter coefficients of each direction. As an example, for a (x+,y+,z+) corner the first sum for the
adopted update equation was

1
3

N

∑
m=1

(bxm +bym +bzm)[3pn−m+1
i, j,k +Sn−m+1

i, j,k − (pn−m+1
i+1, j,k + pn−m+1

i, j+1,k + pn−m+1
i, j,k+1 )] , (10)

and for an (x+,y+) edge was

1
3

N

∑
m=1

(bxm +bym)[2pn−m+1
i, j,k +Sn−m+1

i, j,k − (pn−m+1
i+1, j,k + pn−m+1

i, j+1,k )] . (11)
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3.3 Grid excitation and constraints
The chosen pulse injection for the grid was a simple unit impulse hard source [7] in a position above the table,
although hard sources can cause some distortion in the results for lower frequencies. This kind of pulse is
known to have a flat response and excite all frequencies in the grid.
In general, the highest valid frequency of the simulation must be half the sampling frequency, given by fN = 1

T .
In the case of the rectilinear FDTD scheme, it needs to be even lower [3, 4]: 0.196 fN . Thus, in the routine
was adopted that the Schroeder frequency of the room, fS ≈ 500 Hz, must satisfy that fS 6 0.196 fN , so the
grid spacing X must be chosen with care, since X =

√
3cT . Since c = 345.1 m/s and adopted grid spacing was

X = 0.055 m, then fN ≈ 10868 Hz.

Figure 3. Measurements in the voice booth Figure 4. Graphical model of the voice booth (in
meters) and the 7 chosen points

3.4 Chosen language and tools
In order to test the model of digital impedance filters for the voice booth, a routine was created using the
Torch 2 framework, which has Lua 3 as a base programming language, using LuaJIT compiler. Lua was chosen
because of its syntax simplicity and speed, and Torch has multidimensional tensors, making implementation a
bit easier.
The boundary conditions were imposed with conditionals for the space. No visual tools or CAD programs were
used to aid in the room modelling.
The arbitrary magnitude IIR digital filter coefficients can be obtained from a function with the same purpose
in Matlab R© 4 (function fdesign.arbmag) or GNU/Octave 5 (function fir2 from the signal package). In order
to get the correct coefficients, it is needed that the filter is modeled in function of the reflection coefficients
[6] for each frequency, and the filter order adjusted for the required precision, fitting the resulting curve to the

2http://torch.ch/
3https://www.lua.org/
4https://www.mathworks.com/products/matlab.html
5https://www.gnu.org/software/octave/
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reflection coefficient curve for the boundary, then using the resulting coefficients.
For both functions, there is a need to adjust the coefficients of the IIR filter modelled for the boundary. If the
chosen function for modelling the filter is fir2, for example, there will only be numerator coefficients for R0
since fir2 returns an arbitrary magnitude FIR filter. So, if R0(z) = r1+ r2z−1+ ...+ rNzN−1, from (5), results that
b1 = 1+ r1, a1 = 1− r1 and so on.

3.5 Field measurements
The measurements for the studied voice booth are described by Araújo, [8], as it is written below.
In order to evaluate the energy decay of the booth, the reverberation time (RT) was measured in situ for each
one of the setups presented in [8]. These measurements followed the procedure from the standard ISO 3382-
2:2012 [9].
The 1/3 octave band frequency response of the room was also measured for all setups using the sound power
level of the pink noise from 50 Hz to 20 kHz characterized according to ISO 3745:2012 [10] and emitted
from an omnidirectional sound source positioned in one of the room corners. The measurement followed the
methodology for voice booths presented by Monteiro and Borin [1].

4 RESULTS AND DISCUSSION
The result of the FDTD routine execution is the sound pressure for every node in the modelled voice booth in
setup G presentend in [8], for every time sample. The room impulse responses (RIR) of 7 points distributed in
the modelled room were extracted from this field - check Figure 4. The RIRs for the same points were also
obtained from a commercial software that uses geometrical acoustics.

Figure 5. FDTD RIR for position [x y z] = [0.74 0.39 1.14] m, before and after filtering
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After this process, RIRs obtained with FDTD and geometrical acoustics were filtered at 500Hz - a low-pass filter
was used for FDTD and a high-pass for geometrical acoustics. Then, by doing a Fast Fourier Transform (FFT)
in the filtered impulse responses, and transforming the values to 1/3 octave bands, the frequency responses
were assembled.
For assembling the frequency responses, a scaling was needed in order to adjust magnitudes for the lower
and higher frequencies. This happens because the impulse response obtained with geometrical acoustics is
normalized from −1 to 1, and the FDTD results are in Pascals. The scaling factor was chosen so that the 1/3
octave band frequency response of the room was acceptable.

Figure 6. Comparison of frequency response of
the voice booth

Figure 7. Comparison of reverberation time of the
voice booth

Moreover, for the simulation values, a level of 135 dB was subtracted from the original 1/3 frequency response,
which is the approximate sound power level of the source in the FDTD routine. As it can be noted, the
response is fitted from 100 Hz to 160 Hz if compared to the measurements, and suffer some distortion 160 Hz
onwards. However, up to Schroeder frequency, the curve for the simulation follows the general behavior of the
curve obtained from measurements. Other causes for the distortions may be the equations chosen for edges and
corners, or differently chosen absorption coefficients for the materials used in the voice booth, since not all the
materials had this values registered.
The reverberation times were obtained for the low frequencies by filtering the RIRs obtained with the FDTD
method with band-pass filters for each band. Thereafter, the results were obtained by calculating a backward
cumulative integral [11] curve for the magnitude of the filtered RIRs, an then fitting a line to this curve for
first −30dB decay, in order to get the T30. This time, results extracted from simulation are very near the
measurements, except for lower frequencies, as it can be seen in Figure 7.

5 CONCLUSIONS
As it was seen, the boundary model using digital impedance filters for the rectilinear FDTD grid showed ac-
ceptable results for the presented equations, despite differences in some frequency bands and in the equations
for edges and corners. It showed a general similarity with the results obtained from measurements. Also, the
method for measurements in the voice booth may or may not be the most suitable for this type of room, despite
the similar results with the simulation, still needing more investigations [1]. The results for frequencies lower
than 100 Hz were not studied because at the time of the simulations, there was no information of absorption co-
efficients at these bands for the materials used in the voice booth. Further investigations about the scaling factor

6010



[12] need to be carried out. This factor was chosen in order to make the magnitude of the results obtained by
simulations as close as possible to the ones presented by the measurements, because the RIRs obtained with the
FDTD simulations are in pascals (Pa), and the ones obtained with geometrical acoustics are normalized from
−1 to 1. The reverberation time values obtained from the simulated RIRs showed to be very near the values
obtained by measurements up to the Schroeder frequency, which is the interest region of study for this method.
Execution time of simulation was very slow in gerenal (approximately 2 day of calculations), and in the future
it will be investigated the possibility of paralelizing the code with CUDA R© 6 [4, 13] for shortening execution
time.
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Abstract
A lower bound on the frequency validity limit is established for an energetic wave equation derived from the
energy-stress tensor, examined in the one-dimensional case [Dujourdy et al, Acta Acustica united with Acustica
103:480-491, 2017]. The method efficiently models diffuse sound fields that dominate reverberation at higher
frequencies and larger distances. Initially noted in the course of an exhaustive search of the solution space of all
valid model parameters, the low-frequency cutoff has implications for the utility of the method in a hybridization
context. In practice, the bound is encountered when determining the absorption and diffusion coefficients by
iteratively approaching the temporal and spatial decay of measured data. As the test frequency decreases, the
ranges of coefficient combinations that result in less than 10% variation from each decay measure can diverge
until the region where both measures are satisfactory (the intersection of the two domains) disappears. Further
evidence for the bound is provided through comparison with measurements of a long hallway, and stability
concerns in the cases where both coefficients are very small are addressed.
Keywords: Room acoustics, finite difference methods, diffuse field

1 INTRODUCTION
While geometric and wave equation based approaches to room acoustics have dominated theoretical research,
in the realm of practical implementations, hybrid methods combining both strategies are increasingly popular.
Since each approach has strengths and weaknesses depending on the frequency range that is being simulated,
it has long been the goal of practicioners to leverage different types of simulations in a cohesive manner to
create full-band predictions with efficiency and accuracy that would not be possible with a single type alone.
For example, geometric acoustics simulations such as ray tracing (1) or the image source method (2) efficiently
model the early part of an impulse response, even at high frequencies, but cannot account for diffraction in
a physically meaningful way, an important part of the low frequency response, and become inefficient when
considering complex enclosure geometry or when directly modeling the late reverberation of a space. On the
other hand, wave equation based methods (such as finite element or volume methods in both the time and
frequency domains) excel in the low frequency regime, since they simulate the sound field everywhere in the
enclosure, including diffraction and directional effects, with relatively direct implementations of sources and
receivers (3, 4). Extending wave modeling methods to higher frequencies, however, requires increasingly fine
meshes that become computationally untenable for real-time applications, even with the advent of modern GPU
implementations (5).
From this brief overview, it is not difficult to predict how hybrid approaches could combine these methods,
utilizing each method in its most effective domain in order to create a full-band model. In practice, however,
there are a number of difficulties that arise from combining separate methods in this fashion, not the least of
which is the maintenance of machinery (including but not limited to numerical code, meshing tools, automatic
matching of boundary conditions across simulation types, room geometry simplifications, and post-processing
DSP) for each separate part of the simulation. In this paper, we consider how an energetic wave equation based
method mitigates some of these concerns while considering its limitations for future hybridization.
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This method, developed by Dujourdy et al. (6), has been found to accurately model the statistical late re-
verberation, or diffuse field, resulting from an initial perturbation, in both 1- and 2-dimensional contexts (7).
Originating from Ollendorff and Picaut’s work (8, 9), this method aims to take advantage of an additional
degree of freedom given by the inclusion of a diffusion coefficient in addition to the traditional absorption co-
efficient. Previous work on this topic considered only the 1000 Hz frequency band, but in order to consider
its future fitness for hybrid modeling, we will consider in greater detail the frequency ranges it is capable of
modeling. Such information provides bounds on the crossover frequencies that would be required in a hybrid
context, implying the necessary ranges that would need to be simulated with other methods in order to create
a full-band model, and thus whether or not the diffuse field strategy can be useful in a practical architectural
acoustics context.

2 ENERGETIC WAVE EQUATION METHOD
For this study, we directly used the theory and implementation of the numerical schemes in (6). For the sake
of brevity, we will not reproduce those findings here, but encourage those desiring a full treatment to refer to
the original work.
In brief, the main idea of the energetic wave equation is the development of two conservation laws, one each
for energy density E and sound intensity J, as defined by Morse and Feshback in (10), rather than the typical
energy balance based on Gauss’s theorem found in typical finite difference or finite volume formulations. Using
these two laws, it is possible to derive a system of coupled equations relating the energy density, the sound
intensity, and the wave-stress symmetric tensor E (11). In the case where one length dominates a space and
the cross-sectional area is relatively constant (as is the case in a long hallway), this system of equations can be
reduced to one dimension by introducing modified absorption and scattering coefficients and integrating (with
further energy and momentum balance hypotheses) over the minor axis walls.
After dimensional reduction, the system resembles the telegrapher’s equations, and by inspection can be trans-
formed into a linear second-order hyperbolic equation with a single dependent variable (in this case, the energy
density E). Finally, boundary conditions can be derived using the aforementioned hypotheses, and the entire
wave propagation system can be discretized with common finite difference time domain strategies.
The main advantage of this approach is that the propagation of diffuse energy allows for very large spatial dis-
cretization. The reason for this is that the modulation frequency of the late energy decay that we are concerned
about is very low. Typical acoustic wave simulations that are concerned with high frequency content have a very
high modulation frequency (since they specifically want to resolve the individual pressure waves), but since we
are primarily interested in the stochastic decay of the diffuse high frequency energy, we can assume that the
decay itself is not changing very rapidly, and thus can accommodate relatively large spatial sampling. As an
example, if we are only concerned with the diffuse energy level every tenth of a second, then the spatial sam-
pling rate can be as coarse as 3 meters, with the temporal sampling rate chosen to satisfy the scheme’s stability
conditions.

3 FREQUENCY VALIDITY ANALYSIS
3.1 Room geometry
A similar corridor to the original was used for this study. The hallway had an overall length of 45 meters, with
a width of 159 cm and a height of 237.5 cm. In the main narrow portion of the hallway, the ceiling height was
measured to a fine metal grating suspended below the actual height of the corridor, which carried lighting and
conduit. The hard ceiling was 326 cm, with a decrease every 1.5 meters for metal support beams to 280 cm.
In the recesses, all of which were of uniform length and depth (except for the doorway furthest on the right of
the plan), the width increased to 239 cm and the height decreased to 220 cm, and ceiling was masonry rather
than the grating mentioned above. In some of the recesses, there were glass display cases or small pieces of
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Figure 1. Floorplan for the corridor under consideration.

furniture that contributed to the diffusive effects of the recesses themselves. The entire floor was linoleum, and
for the most part, the walls were wooden panel and masonry. There were occasional metal gratings on the flat
wall for HVAC, which was audible but not distracting. All doors entering the hallway were closed, and the
doors in the center of the hallway were fully open.

3.2 Measurements

Table 1. T60s and Spatial Decays

Frequency [Hz] 62.5 125 250 500 1000 2000 4000 8000
T60 [S] 2.29 0.35 0.38 0.39 0.43 0.35 0.33 0.30

Spatial Decay [dB/m] -0.63 -0.49 -0.88 -0.94 -0.66 -0.54 -0.66 -0.84

Impulse responses were collected using a SoundField ST250 microphone and an Outline GRS omnidirectional
speaker, with a MOTU Traveler sound card. As before, the source was positioned 1 meter away from the end
of the hall, 1.5 meters above the ground, and centered between the two walls. Beginning 1 meter from the
source, measurements were collected with the microphone’s X-axis aligned along the length of the hallway. A
spacing of 1 meter was used out to 10 meters, which corresponds exactly to the discretization distance in the
numerical simulations. Then, recordings were made every 2 meters until the end of the hallway for a total of
26 sampling locations. Recordings were made using the the swept sine method (12, 13) as implemented in the
Adobe Audition plugin Aurora. The sweep length was 20 seconds, and the source level was adjusted digitally
to maximize the signal-to-noise ratio without clipping as the microphone was moved further and further from
the source. These gains were recorded in order to recover the true measured energy level for each measurement
location. The sweep responses were then post-processed by convolution with the inverse sweep to recover
impulse responses for each location.
The relevant frequency bands were selected by filtering each impulse response with a standard octave-band
filterbank, and then calculating the desired metrics for each resulting bandlimited response. The T60 (a measure
of temporal decay) was calculated by a linear fit to the Energy Decay Curve in dB for each frequency band and
at each receiver location. This is sometimes known as Schroeder’s reverse integration (14). Next, each receiver
location was averaged to arrive at a single T60 for the entire hallway in each band. Finally, spatial decays
(similar to strength of sound, or G) were calculated by a linear fit to the sum of energy for each band-limited
response across each receiver location. Both sets of calculated values are presented in Table 1.

3.3 Simulations
In order to determine the frequency bands the model was able to represent, we ran simulations for a sampled
subset of all combinations of absorption and scattering coefficients α and β . In a typical scenario, a scheme to
converge on the desired spatial and temporal characteristics would be used to match a single frequency band,
but here, we want to visualize the entire problem space.

6014



0

0.1

0.2

0.3

0.4

0.5

D
if
fr

a
c
ti
o

n
 C

o
e

ff
ic

ie
n

t

62.5 Hz

T
60

Spatial Decay

Both

Regions of Validity

125 Hz 250 Hz 500 Hz

0 0.1 0.2 0.3 0.4

Absorption Coefficient

0

0.1

0.2

0.3

0.4

0.5

D
if
fr

a
c
ti
o

n
 C

o
e

ff
ic

ie
n

t

1000 Hz

0 0.1 0.2 0.3 0.4

Absorption Coefficient

2000 Hz

0 0.1 0.2 0.3 0.4

Absorption Coefficient

4000 Hz

0 0.1 0.2 0.3 0.4

Absorption Coefficient

8000 Hz

Figure 2. Agreement between simulated and measured data for the hallway under consideration.

For this study, as was the case before, the spatial sampling step was chosen to be ∆x = 1 meter.
The initial conditions were chosen to be a temporal Gaussian, centered at the same location as the source, in
order to minimize spurious numerical oscillations. Afterward, the same acoustical indices as with the in situ
measurements were extracted from each result.

3.4 Valid domains
Finally, we compared the measured and simulated results for each index. For each frequency band (presented
here in ascending order), we classified which simulations were within 10% of each desired metric, the spatial
and temporal decay rates. To preserve legibility, we have represented in Figure 2 only the region with the most
relevant combinations of coefficients for this hallway. The absorption coefficient α ranges from 0.01 to 0.45,
and the diffusion coefficient β ranges from 0.01 to 0.5. This region corresponds well to the typical ranges
where both T60 and spatial energy decays are valid.
As expected, the two coefficients have different effects on the simulations, given that the validity patterns are
not symmetric, confirming the observation in the original paper. Furthermore, the regions of validity for each
individual measure appear to be smoothly varying. Perhaps most importantly, for some low frequencies, there
is no region where both indices are valid, implying a lower bound on the frequency that can be represented by
the model for this hallway.
At the lowest frequency band, 62.5 Hz, there are regions of validity outside of the chosen region, but we have
chosen to exclude these as either their absorption or diffusion coefficients are unrealistically small or large.
Since the regions of validity appear to smoothly vary, it may be the case that with a particular frequency in
between this band and 125 Hz, there is a point where the spatial decay and T60 curves “switch” places and
become valid. We also note the similarity of the 125 Hz band and the 2000 Hz band, since the region of
validity is determined by the 10% threshold. In other bands, the regions cross, and therefore can be uniquely
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determined to match both measures to arbitrary precision without the need of a threshold. Both of these topics
related to a more continuous perspective on the methodology for determining validity deserve closer examination
in future work.
The case where the individual metric regions cross resulting in two disconnected regions of validity, up to
the lack of symmetry discussed above, can be explained by the observation by Dujourdy et al. (6) that the
two coefficients can typically be exchanged, where the smaller of the two acts as the absorption coefficient.
While in general this situation is preferable, it implies that the optimization problem, at least in its current
formulation, is not convex, and furthermore, more information about the problem will be required in order to
uniquely determine a preferred combination of coefficients.
One possible explanation for the lack of a valid region at the lowest frequencies is the mismatch between
long T60 and relatively low spatial decays. At low frequencies, it is common to have more reverberation,
and similarly, the energy may be more evenly distributed as a result of diffusion. At higher frequencies, the
opposite is the case, where increased absorption of high-frequency energy results in shorter reverberation times
and steeper spatial decay, both of which appear to be more readily represented by this model.
In the case where either coefficient is very small, generally speaking, the simulations become closer and closer
to the lossless case, extending the response times and magnifying small perturbations. As a result, simulations
with some combinations of α and β can veer into instability. This would further constrain the region of
validity, but in practice, instability only occurs when approaching the most extreme values of T60 or spatial
decay. Thus, such instability can simply serve as a indicator that careful attention should be paid to the physical
measurements that are being matched. It appears that since the region of validity at the lowest frequencies is
reasonably well balanced between the two coefficients, for this type of hallway, instability should not present a
major concern in the context of hybridization since the most dangerous simulations can simply be discarded.

3.5 Implications
Since the lowest frequency that contains a convincing overlap is 250 Hz, for this corridor, that is the lowest
bound on the validity of the model. This makes sense, seeing as the late reverberation is more statistical at
higher frequencies. For small concert halls, 250 - 500 Hz is a very convenient cutoff frequency for a potential
hybridization since a complementary pressure wave time domain approach would be capable of modeling the
region in real time (5). Thus, at least for this case, it is worthwhile to consider the model as a possible
candidate for accelerating the synthesis of the late tail in a full-band audio simulation.

3.6 Other hallways
In order to confirm these results, the procedure was followed using the recordings from the previous hallway.
In the interest of space, we will not fully reproduce the measurements as we have with the current study, but
the findings were consistent with the conclusions we have drawn. The corridor from the initial work exhibited
regions of validity down to 125 Hz. Given that the two were relatively similar in terms of shape and length,
this is perhaps unsurprising, but a useful confirmation nonetheless.
A third unrelated hallway of a similar length but with fewer diffusing surfaces was also measured and was
only representable (with “crossed” validity regions) by the model in the 125 Hz and 1000 Hz bands. Upon
initial review of these results, it appears that the reason for the lack of validity is primarily due to the reduced
spatial decays across all bands. Because the hallway did not have as many absorptive surfaces, the sound energy
was much more evenly distributed throughout or even modal, and therefore presented difficulty for the model,
which is predicated on the assumption of spatial decay. One possible interpretation is that this incompatibility
between temporal and spatial decays is a manifestation of a truly uniform reverberant field in regions far from
the source, where the so-called diffuse field theory is valid. Thus, the case where the energy-based model fails
may actually be a criterion for spaces where the Sabine equation holds.
Figures displaying the regions of validity for both of these corridors can be found in the appendix.
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4 CONCLUSIONS AND FUTURE WORK
In this paper, we have discussed our findings regarding the lower frequency bound for which an energy-based
late-reverberation model can accurately represent the stochastic soundfield. The current study focused on a one-
dimensional model of a long hallway for which the lower bound was 250 Hz. This means that above this
cutoff frequency, the model was able to recreate a diffuse soundfield with acoustical indices consistent with
measurements made in a real hallway within 10% error.
The investigation of this lower frequency bound brings to mind a number of questions for future research. In
this case, we have examined a single hallway with a given length and certain acoustical indices, but it should be
possible to extend the analysis to one dimensional problems of varying lengths, T60, and spatial decays, such that
any problem dominated by its length with a sufficient amount of diffusion could be verifiably modeled above
a certain frequency. Furthermore, given the discovery that in some frequency bands there are multiple regions
of validity, it should be possible to examine more optimal methods for converging on desired coefficients for a
given physical measurement in an interative fashion. In such a fashion, it may be possible to better characterize
the contours of the underlying search space in order to accelerate convergence.
In terms of bringing the theoretical model into practical application, it is imperative to begin experimenting with
a sonification procedure. While the theoretical aspects of the method are interesting in and of themselves, the
real value of such an approach is the additional accuracy and efficiency that would be enjoyed upon integration
with a full-band hybrid auralization system. To that end, the next step in developing the model is extending the
current 1- and 2-dimensional models to 3 dimensions.
Finally, given the large spatial discretization step in this method, it may be the case that the energy model
and a pressure wave approach could use the same grid, reducing the meshing that must be completed before
simulations can be performed. Verifying that meshes (or subsets thereof) could be trivially reused for both
methods in a hybrid context would be especially relevant in the cases where room geometry is time varying, a
possibility that deserves closer inspection.
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APPENDIX
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Figure 3. Agreement between simulated and measured data for the hallway studied in Dujourdy et al.
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Figure 4. Agreement between simulated and measured data for a hallway with fewer diffusing surfaces.
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ABSTRACT 

Diffusion equation modelling (DEM) has gained popularity recently in the application of room acoustics 

analysis mostly due to its computational efficiency. The method has been used in proportionate rooms 

confidently, while some research has highlighted its applicability in disproportionate room typologies with 

certain assumptions. In this study specifically, coupled rooms and long enclosures that cannot be very well 

defined by statistical theory, or under-estimated by ray tracing are studied by DEM analysis. The diffusion 

coefficient, dependent upon the volume and surface absorption area of individual domains, is one major 

indicator in this analysis. Defining domains in coupled volumes or in multiple long spaces coupled each other 

is an important problem. The limits where the domains can be considered as a single space or as a 

multi-domain system are quite vague and necessitate a systematic investigation. Some real structures 

including multi-volume monuments and two-tracked subway stations are examined in that respect, by 

applying DEM in a finite element medium. The results of this investigation are assistive in regards to the 

coupling factor limits when different volumetric and aperture size relations are established.  The 

pre-knowledge of applying either a single domain or a multi-domain solution in a specific combination of 

volumes will augment the speed of analysis. 

 

Keywords: Diffusion equation model, room acoustics simulations, disproportionate rooms 

1. INTRODUCTION 

Sound energy decay analysis is essential in room acoustics predictions for predicting key 

characteristics of an enclosure. Alternative modeling and analysis methods are developed initially to 

estimate acoustical indicators for proportionate rooms with diffuse sound field. However, in the case 

of disproportionate room ratios or when multiple sub-volumes are coupled to each other, the interior 

sound field is much more complex and statistical theory is not applicable.  Such distinct room shapes 

and configurations including coupled spaces and long enclosures have been investigated for several 

decades and a number of theoretical formulae have been established. Among those diffusion equation 

model has found to be a reliable (1-3) and practical method which is further discussed within this 

study. 

One advantage of diffusion equation model is that, meshing size takes its value from the mean free 

path (MFP), rather than the wavelength, thus reducing the size of the model and thereby increasing the 

computational speed. While, diffusion coefficient takes into account the room morphology via its 

mean free path (4). In that sense diffusion coefficient becomes an important variable within a DEM 

solution. The critical issue is that when it comes to coupled volumes the dec ision on defining one or 

multiple diffusion coefficients may affect the results, which depends on the strength of coupling in 

between different spaces through apertures. In order to understand the conditions, when the coupled 

volumes behave as distinct spaces or a single volume, and that multiple diffusion coefficients should 

be defined, different cases are investigated in this research. Among those cases multi -domed 

                                                        
1 zuhre@bilkent.edu.tr 
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superstructures and a two-track subway station are discussed over their single and multi-domain DEM 

solutions. 

2. METHODOLOGY  

This study applies one of the most recent methods in room acoustics that is the diffusion 

approximation. Diffusion equation model (DEM) can be solved analytically for simple geometries, 

and numerically for complex enclosures. DEM is based on the propagation of sound particles with the 

same constant energy, propagating along straight lines and striking walls or scattering objects. In this 

section, the governing interior and boundary equations applied to case structures are presented. 

2.1 Interior Diffusion Equation  

In a room region or domain (V) with time-dependent energy density (w) at a position (r) and as a 

function of time (t) the sound energy flow vector ( J ) caused by the gradient of the sound energy 

density can be expressed by Fick’s law;  

   , ,J r t D w r t    (1) 

where D is the diffusion coefficient, which takes into account the room morphology via its mean free 

path ( ) given by (4); 

4

3 3

c Vc
D

S


   (2) 

where V is the volume of the room, S is the total interior surface area of the room and c is speed of 

sound. In the presence of an omni-directional sound source q(r,t) within a domain (V), the sound 

energy density w changes per unit time as; 

 
   2

,
, ,

w r t
D w r t q r t

t


  


, V  (3) 

Lastly, in a time dependent solution of DEM the energy flow levels (5) can be obtained by; 
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(4) 

2.2 Boundary Conditions 

The effects of enclosing room surfaces can be analytically expressed by boundary equations 

defined on the boundary surfaces (S). The boundary condition established to include energy exchanges 

on enclosing surfaces is (4-6); 

     , , ,XJ r t n D w r t n A cw r t      , on S (5) 

where Ax is an exchange coefficient, or the modified absorption factor, expressed as follows (34); 

)2/1(4 




XA  (6) 

where α is the absorption coefficient of the specific surface or boundary. DEM with modified 

absorption factor (6) is capable of modeling rooms with low absorption, as well as for mixed boundary 

conditions associated with high absorption for specific room surfaces. This study utilizes Eq. (5) in Eq. 

(6) and the resulting system boundary equation is as follows; 

),,(
)2/1(4

),(
trw

c

n

trw
D











  on S         (7) 

For application of DEM in a multi-domain solution, there exists another boundary condition 

applied for coupling apertures that is the continuous boundary condition  (7). The aperture boundary 

surface at intersection of two domains can be defined by the following; 
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   1 2
ˆ , , 0b bn D w r t D w r t          (8) 

which represents a continuity boundary condition on interior boundaries at the aperture position, 

where D1 is the diffusion coefficient in the primary room, and D2 is the diffusion coefficient for the 

secondary room.  

3. MATERIALS 

3.1 Multi-domed Superstructures 

Multi-domed monuments are interesting venues for acoustical studies as they have many subspaces 

that are coupled to each other through arches, augmenting the potent ial for non-exponential energy 

decay formation. Two sacred spaces, namely Süleymaniye Mosque and Hagia Sophia in İstanbul, are 

selected in that respect in search of application of proper diffusion coefficients within DEM. In order 

to implement the DEM numerically in a finite element medium, initially the acoustical models of each 

structure are built. The effect of coupling of different sub-volumes are searched in single and 

multi-domain solutions. Thus, first, results are obtained for the single domain, meaning a single 

diffusion coefficient, Eq. (2), assigned for the whole structure. Second, specific diffusion coefficients 

in relation to their mean free paths (MFP) are defined for sub-volumes or sub-domains. Coupling 

apertures of both structures are the arches that connect sub-spaces to each other, sheltered mostly with 

domes or vaults of different sizes. Meshed models are fine-tuned with field test results taking the 

reverberation time into account (3,8). 

 

 

Figure 1 - Süleymaniye Mosque mesh model (on the left); Hagia Sophia mesh model (on the right); 

different domains indicated with individual colors 

 

The geometric model of Süleymaniye Mosque has 164,468 linear Lagrange-type mesh elements, 

while Hagia Sophia model has 691,865 linear Lagrange-type mesh elements (Fig. 1). Minimum mesh 

size is 0.62 m for Süleymaniye mosque and 0.39 m for Hagia Sophia. Maximum mesh size is 4.96 m 

for Süleymaniye Mosque and 5.31 m for Hagia Sophia. As long as the maximum mesh size is smaller 

than the MFP of the room, the DEM is applicable. In this case the range of mesh sizes are in between 

1/4 to 1/11 of MFP for Süleymaniye Mosque and 1/4 to 1/14 of MFP for Hagia Sophia. Thus, maximum 

mesh sizes of both models satisfy the MFP criteria for the DEM. The time-dependent simulation takes 

approximately 13 mins on a computer with Intel(R) Xeon(R) E5-1650 CPU, @ 3,60 GHz processor for 

Süleymaniye Mosque and 1h/4min for Hagia Sophia models. Table I lists the volume and the total 

surface area of individual domains. Accordingly, the mean free paths (MFP) and diffusion coefficients 

(D) are calculated for different domains of case structures (3).  
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Table I. Volume (V), surface area (S), mean free path (MFP) and diffusion coefficient (D) information for 

single and multi-domain scenarios of Süleymaniye Mosque and Hagia Sophia models 

Süleymaniye V (m
3
) S (m

2
) 

MFP 

(m) 
D Hagia Sophia V (m

3
) S (m

2
) 

MFP 

(m) 
D 

Single Dom. 73,848 18,293 16.2 1,846 Single Dom. 145,020 38,579 15.0 1,720 

D0 55,525 10,873 20.4 2,336 D0 95,960 17,647 21.8 2,487 

D1 2,240 1,300 6.9 788 D1 2,575 1,241 8.3 949 

D2 2,279 1,115 8.2 934 D2 625 468 5.3 611 

D3 1,892 1,129 6.7 766 D3 4,430 2,158 8.2 939 

D4 3,063 1,557 7.9 900 D4 6,771 3,434 7.9 902 

D5 2,820 1,289 8.8 1,000 D5 2,395 1,728 5.6 635 

     D6 4,254 2,328 7.3 836 

     D7 2,499 1,190 8.4 960 

     D8 782 584 5.4 613 

     D9 3,625 1,938 7.5 855 

 

3.2 Subway Stations 

Subway stations are long enclosures with different acoustical properties from normal rooms, due to their 

disproportionate room ratios. The specific acoustic properties in long enclosures have been investigated 

for several decades and a number of theoretical formulae have been established  (9-11). Sound 

attenuation in real subways is even more complicated. In search of reliable methods of sound field 

estimations in long and disproportionate spaces, this study applies DEM on two case subway stations 

from Üsküdar-Ümraniye metro line in İstanbul.  

 

Figure 2 – Station BAG mesh model (below); station USK mesh model (above); different domains 

indicated with individual colors 

Out of two stations, station BAG has a rectangular cross section, packs system, two tracks and 

connecting corridors, and station USK has a circular cross section and two tracks with a connecting 
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hall. For computation of DEM in a finite element medium the meshed models of both structures are 

generated. The meshed model of station BAG has total of 282,701 linear, Lagrange-type mesh 

elements with maximum mesh size of 4.1 m. While meshed model of s tation USK has total of 94,046 

linear, Lagrange-type mesh elements with maximum mesh size of 4.9 m (Fig. 2). In this case the 

maximum mesh sizes of both BAG and USK are smaller than their estimated MFPs, so the DEM is 

applicable (Table II). 

 

Table II. Volume (V), surface area (S), mean free path (MFP) and diffusion coefficient (D) information for 

single and multi-domain scenarios of (D1-D5) of station BAG and station USK 

BAG V (m3) S (m2) 

MFP 

(m) D USK V (m3) S (m2) 

MFP 

(m) D 

Single 

Domain 12,988 11,143 4.7 533 

Single 

Domain 14,187 11,250 5.0 577 

D1 3,575 2,995 4.8 545 D1 4,274 4,674 3.7 418 

D2 2,084 2,810 3.0 340 D2 5,419 3,875 5.6 640 

D3 368 393 3.8 429 D3 4,459 3,548 5.0 575 

D4 504 521 3.9 442      

D5 691 694 4.0 455      

4. RESULTS 

4.1 Sound Energy Flow Decays and Coupling Factor 

In a previous study the occurrence of multi-slope decay formation in multi-domed superstructures 

are presented (7).  It is known that energy flow decays figuring energy flow dips are correlated with 

the turning points in a non-exponential energy decay (5). The effects of architectural variables 

including, coupling apertures, volume and geometry of domains can better be analyzed through energy 

flow distribution in a DEM solution. In the modeling and computation phase, it is critical to correctly 

define the individual domains with different diffusion coefficients for reliability of DEM solution. 

In Fig. 3 single versus multi-domain DEM energy flow decays of Süleymaniye Mosque and Hagia 

Sophia are presented for sample source-receiver configurations, where double-slope energy decays are 

previously detected through Bayesian decay parameter estimations (7). The convex forms of energy 

flow decays indicate an energy return, either a full return or partial.  Deeper the energy flow dip, the 

energy flow pattern approaches to a complete return (3), indicating a higher difference between decay 

levels and decay times of different slopes. A sample source-receiver position is S1R4 for Hagia Sophia 

(Fig. 3), where the difference between energy flow dips in a single domain solution versus 

multi-domain solution of DEM is greater.   

In an earlier study Billon et al. (12) applied mean coupling factor (k) for quantifying the degree of 

acoustical coupling. Mean coupling factor is defined as follows; 

  

2

c

c R c S

S

S A S A
 

 
  (9) 

where Sc is the coupling area, AR is the equivalent absorption area of the receiving room and AS is the 

absorption area of the source room. According to that k ≈ 1 denotes a strong coupling, while k ≈ 0 

indicates a weak coupling. A strong coupling means that the aperture sizes are big enough, so the two 

volumes should not be considered as separate domains, but instead should be considered as a single 

volume. Conversely, a weak coupling indicates that the apertures are small enough to consider the two 

volumes as part of a multi-domain system.  

 

6024



 

 

 
 

Figure 3 - DEM solutions for single (‘s’) versus multi-domain (‘m’) energy flow decay results; for 

1 kHz, computed at different source (S) and receiver (R) configurations, Süleymaniye Mosque (on the 

left), Hagia Sophia (on the right) 

 

A weak coupling necessitates the assignment of individual diffusion coefficients to each volume as 

in the case of Süleymaniye Mosque and Hagia Sophia. Table III lists k values obtained by Eq. (9) for 

specific source-receiver configurations tested in case structures. As can be observed in Table III, 

considering sub-volume to main volume coupling (Table I and Table II), the coupling factors are 

smaller than 0.30 for Süleymaniye Mosque and much smaller than 0.10 for Hagia Sophia. Although the 

limits of weak to strong coupling are not well defined, in a strong coupling indication by mean 

coupling factor of 1, the values lower than 0.30 can securely be assumed to be a weak coupling. Thus, 

the individual volumes should be treated as individual domains with specific diffusion coefficients in 

DEM simulation of both cases. There is still a considerable difference in the mean coupling factors 

between Süleymaniye Mosque and Hagia Sophia. This is mainly due to the larger coupling apertures 

(arches) of Süleymaniye Mosque that divides main volume from smaller sub-volumes, in comparison 

to those of Hagia Sophia. For that reason, the energy flow dips or flow returns of Süleymaniye Mosque, 

are not as sharp as those of Hagia Sophia (Fig.3).  

 

Table III. Mean coupling factors (k) for specific source (S) receiver (R) configurations in relation to coupling 

aperture area and absorption areas of individual domains (D) coupled to each other by arches for 

Süleymaniye Mosque and Hagia Sophia 

Süleymaniye (k) S1R4 S3R7 S4R5 S2R1 Hagia Sophia (k) S1R4 S1R5 S2R1 S2R2 

D0-D1 0,25 - - - D0-D1 0,05 - - - 

D0-D2 - 0,27 - - D0-D3 - 0,07 - - 

D0-D4 - - 0,28 - D1-D0 - - 0,05 0,05 

D2-D0 - - - 0,27      

  

4.2 Decay Rate Estimates in Long Enclosures  

In this section single and multi-domain DEM solutions of case subway stations are comparatively 

evaluated over their T30 results for different receiver positions. The reason is basically for 

understanding if coupling of volumes, in form of tunnels to sub tunnels and tracks to halls have 

significant effect on the outcomes of different DEM solutions. The model of station BAG is tuned by 

its field test results and known sound absorption coefficient data of applied materials within the station. 

On the contrary to their geometrical features, interior finish materials are identical in both station BAG 

and station USK that are ceramic tiles and painted concrete on walls and track tunnels, stone tile 

flooring and mineral wool backed perforated metal ceilings (13).   

Fig 8. compares field test, single and multi-domain DEM and ray-tracing results of T30 in station 
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BAG for different receiver positions. For both field test results and simulated decay rates the 

reverberation increases as the distance from the source increase. According to that decay rates of 

multi-domain DEM solution are 0,20 s to 0,40 s higher than single domain DEM solution. On the other 

hand, single domain DEM results are much closer to field test results when they are compared to 

multi-domain DEM results and ray-tracing. This means the station BAG space does not act as a 

coupled-volume system and the apertures connecting different volumes (halls and two tunnels)  to each 

other are not small enough to cause non-exponential sound energy decay as previously observed in 

different structures.  Ray-tracing over-estimates the decay rates and there are abrupt jumps in 

reverberation times on different receiver positions. In overall, single domain DEM results among 

others, are much reliable and highly correlated with field test results.   

Fig. 5 compares single and multi-domain DEM and ray-tracing results of T30 in station USK for 

different receiver positions. Multi domain DEM decay rate results in overall parameters are 0.1 s to 0.2 

s higher than single-domain DEM solution. This slight variation is even smaller than the deviations 

observed in station BAG. This is due to the fact that USK station is even much less fragmented than 

station BAG (Fig. 2) and the station space together with its two track volumes and central platform 

area behaves as a single volume. Thus, multi-domain investigation is proved not to be necessary. 

 
Figure 4 - Comparison of field test, single and multi-domain DEM and ray-tracing results of T30 in 

station BAG for different receiver (R1 to R14) positions for 1 kHz 

 
Figure 5 - Comparison of single and multi-domain DEM, and ray-tracing results of T30 in station 

USK for different receiver (R1 to R12) positions for 1 kHz 
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5. CONCLUSION 

In this study diffusion equation model is discussed over rooms with particular room shapes including 

coupled spaces and disproportionate long rooms. Main concern is the comparison of single-domain to 

multi-domain DEM solutions in complex structures, for predicting the reliable modeling technique in 

different cases. Results of multi-domed superstructures highlight that the multi-domain DEM analysis 

results are much indicative in multi-rate decay analysis in comparison to the single-domain solutions. In 

single domain solutions, at some particular positions the energy dips are not observed, though the same 

locations indicate an obvious dip over their multi-domain energy flow decays. There is always a difference 

between single versus multi-domain DEM solutions. As the coupling factor gets weaker, for instance by 

smaller apertures, the difference is much obvious. Thus, for both case structures with coupling factors 

below 0,30 the reliable method is found to be the multi-domain solution. 

The optimization of materials in acoustical design of subway stations starts with the decay rate 

estimations and in that sense diffusion equation model is a practical method. In case subway stations single 

versus multi-domain DEM solutions are compared to field test and ray-tracing results of T30, in order to 

understand the effect of coupling and for defining the proper diffusion coefficients. Single-domain DEM 

results are found much compatible to field test results considering decay rates. The results highlight that for 

both case stations, the coupling of volumes in form of tunnels to inner corridors or central halls is not weak 

enough, meaning the aperture sizes are big and the equivalent absorption area is small. Thus, single domain 

DEM solution is found to be suitable for the case subway stations.   
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Pertinence of a simplified plane wave model for reverberation 
energy decays in rooms with a pair of parallel surfaces 

Jean-Jacques EMBRECHTS1 
1 University of Liege, Montefiore Institute, Acoustics Laboratory 

ABSTRACT 
An analytical model has been developed recently to take into account specular and diffuse reflections in 
rooms with a pair of parallel surfaces. Analytical models can help to better understand the influence of 
scattering coefficients’ values in those rooms in which unusually long reverberation times can be created by 
locked-in rays. Also, analytical models can be used complementary to ray-tracing methods to quickly 
estimate the late part of reverberation decays. The developed model is based on the formalism of sound 
particles emitted in the room by a point isotropic source. Some approximations lead to an intuitive analytical 
model including the influence of absorption and scattering coefficients on reverberation. The purpose of this 
paper is to develop and analyse the pertinence of an additional simplification to the model, based on the 
assumption of plane waves propagating between the two parallel walls. In this case, the model predicts a 
reverberation in the room composed of two exponential decays. The pertinence will be analysed by 
comparing this simplified plane wave model with reverberation decays computed by a sound ray program. 
 
Keywords: Reverberation decays, scattering 

1. INTRODUCTION 
The influence of surface scattering on the reverberation in rooms has been deeply investigated in 

the last decades. In particular, the author of this paper has developed a geometrical acoustics approach 
linking surface scattering and reverberation decays (1).  More recently, a simple analytical model of 
this approach was proposed for rooms with one pair of paralle l surfaces (2). In these rooms, long and 
periodic propagation paths or ‘locked-in rays’ can create non-exponential reverberation decays which 
strongly depend on the surfaces’ scattering properties. 

This analytical model will be summarized in the next section. It is shown that the reverberation 
energy decay can be expressed as the sum of two exponential decays, one of them being weighted by a 
function , where ‘t’ is the time after the source’s cut-off. The purpose of this study is to analyze the 
pertinence of a further simplification to this model consisting in assuming a plane wave propagation of 
the remaining energy between the two parallel surfaces. 

2. THE MPW MODEL (MIXED REFLECTIONS BY PARALLEL WALLS)  

2.1 Sound particles 
The model first considers a sound source emitting an impulse of energy Es at time t=0. This energy 

is represented by sound particles. Some particles are emitted in the direction of the two parallel 
surfaces A1 or A2 (see Figure 1) and a fraction of them may enter a back-and-forth mode of propagation 
between both surfaces, depending on their scattering coefficients. The energy transported by all those 
particles is called the ‘specular flux’ . All the other particles (reflected by the other surfaces, 
either specularly or diffusely) are supposed to follow a ‘diffuse’ mode of propagation characterized by 
an exponential energy decay : this is an assumption of the model partly justified by the diffuse 
reflections in the room and partly by the quasi-isotropic distribution of the image sources not created 
by the pair of parallel surfaces (1,2). The value of the decay rate  only depends on the absorption 
properties of all surfaces in the room (1,2) and is given by: 
 
                                                        
1 jjembrechts@uliege.be 
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 (1) 

 
In this formula, m is the air attenuation constant, c is the sound propagation speed, V and S are the 

volume and total surface of the room respectively and (dS) is the absorption coefficient of the surface 
element dS. 

 
Figure 1 – The two parallel surfaces in the room are L meters apart. The sections A1 and A2 are included in 

these surfaces and they define the largest prism connecting them perpendicularly. The sound source must be 

situated inside this prism. 
 

2.2 Specular and diffuse fluxes 
After n reflections (n even) on A1 and A2, it is shown in (2) that the specular flux is expressed by: 

 (2) 

where tn is the time between specular reflections of orders (n) and (n+1) on A 1 and A2, which can be 
approximated by  if the number of reflections n is ‘great enough’, n is the solid angle subtended 
by A1 or A2 from the corresponding image sources of order n and R1 and R2 are the specular reflection 
coefficients of these two surfaces. In (2), the decrease of the solid angle n is taken into account as 

 if n is ‘great enough’ (A being the common area of A1 and A2). Introducing the decay 

constant  finally leads to: 

 (3) 

Equation 3 gives the remaining energy of the specular flux at time tn after the impulse emission by 
the source. This function of time decreases more or less by discrete steps, but an approximated 
continuous decrease is simply obtained by replacing tn by t in eq.3. 

 
The diffuse flow of sound particles contains all particles not travelling between A1 and A2 through 

specular reflections. By assumption, the corresponding energy decreases proportionally to . 
Moreover, at each new reflection on A1 and A2, additional sound particles (and thus energy) join this 
flow, mostly those diffusely reflected by A1 and A2. It is shown in (2) that, if  is the time 
interval including two successive specular reflections on A1 and A2, the energy remaining in the 
diffuse flux at time (tn+ t) is: 

 
 (4) 

 
D1 and D2 are the diffuse reflection coefficients of A1 and A2 respectively,  , 
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2.3 Solution for the total remaining energy and the reverberation decay 
In (2), a continuous expression is found for  by solving a differential equation based on eq.4. 

This expression is combined with eq.3 to give the total remaining energy in the sound particle flow at 
time t after the impulse emission by the source, provided t is ‘great enough’. Indeed, some 
approximations and assumptions have been used, such that the early part of the decay cannot be 
predicted by the resulting analytical expression. 

The model, called in (2) the MPW model, is rather expressed not as an impulse response, but as the 
usual energy decay curve or reverberation decay. Applying the Schroeder backward integration to the 
previous ‘impulse response’ leads to: 

 (5) 

In this expression, Ws is the acoustic power of the source and Q12 is a parameter depending on the 
acoustic properties (absorption and scattering) of the parallel surfaces (A1 and A2) and on the decay 
constants  and . The constant Cd in eq.5 could be fixed if the decaying energy could be evaluated at 
some particular time of the reverberation decay, for example at t=0. However, as the MPW model 
cannot predict the early part of the decay, another approximation is used in (2). 

We must here recall the main purpose of this model. We are not searching for a detailed model of the 
early part of the decay, but rather for an analytical model of the total energy decay in the room, from 
which we could extract an ‘average’ reverberation time or a ‘global’ (‘non-local’) description of the 
reverberation decay including the influence of absorption and scattering coefficients.  

With this aim in mind, the early part of the reverberation decay is simply approximated by an 
exponential decay with  as the decay rate. This approximation is extensively motivated in (2). Also, 
the initial time ti from which the eq.5 can be applied has been chosen as the time corresponding to the 
first 10dB decrease in the energy decay curve . This has been considered as a good 
compromise between the ‘asymptotic’ assumption of the model ( t great enough) and the fact that ti 
should also belong to the early part of the decay (see (2) for more details).  With this choice, the 
constant Cd in eq.5 could be fixed. 

2.4 Test of the MPW model 
As several approximations have led to the MPW analytical model, a great number of comparisons 

have been made with reverberation decays computed with a ray tracing program, in order to validate 
the model. These comparisons included tests in shoebox rooms with different dimensions and 
combinations of absorption and scattering coefficients. Results are discussed in (2), some comparisons 
will be illustrated in the next section. 

The adequacy of the model is measured by the correspondence between the reverberation time T 30 
computed by both models (MPW and ray tracing), the second one being considered as the reference.  
The correlation between the corresponding values of T30 has been shown to be excellent, except for one 
particular room with a very flat geometry. In any case, the predictions of the MPW model were much 
better than the classic diffuse field theory. Except for the very flat room, it is shown in (2) that the 
average deviation between the values of T30 computed by both models was less than 15%. 

3. SIMPLIFIED PLANE WAVE MODEL FOR THE ENERGY DECAY CURVE 

3.1 Development of the model 
A further simplification of the MPW model can be developed, which leads to a reverberation energy 

decay expressed by the sum of two exponential decays. This kind of ‘pure’ exponential model has 
already been suggested by some authors to simplify the reverberation decay analytical expression (3,4). 
The relevance of a ‘pure’ exponential model will be investigated in the following, but first of all we 
develop the model. 

Starting from the sound particles model described in the previous section, suppose that, after N 
(even integer) reflections, the flow of ‘specular’ particles travels perpendicularly to the surfaces A1 
and A2, just like plane waves would propagate between both surfaces. Another way of expressing this 
is to assume that the corresponding image sources are ‘very far’ from A 1 and A2, close to infinity. In 
this case, eq.2 expressing the energy of the specular flux becomes (for n even): 
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 (6) 

Regarding the diffuse flux of particles, eq.4 can be converted with the ‘plane wave’ assumption at 
time (tN+2 t) as: 

 
 (7) 

 
which can be generalized as (for any integer value m >0): 

 

 (8) 

or after evaluation of the sum by: 

 (9) 

In the previous formula: 
 (10) 

 
Equations 6 and 9 can then be added to obtain the remaining energy in the flow of sound particles 

at time (tN+m t) after the impulse emission by the source. As explained in section 2, the remaining 
energy decreases more or less by successive steps as a function of time, but we can approximate this 
stepwise decrease by a continuous function, if (m t) is simply replaced by any >0 in the model. 

 (11) 

with the parameter  . If we group the terms proportional to each exponential decay and 

approximate  , the following expression is obtained (for t > tN): 

 (12) 

 
Finally, the reverberation energy decay is obtained by backward integration of eq.12 between t > tN 

and infinity. If the symbol Cd is used for the product of all constant factors multiplying , then the final 
expression for the energy decay is very similar to the MPW model (see eq. 5): 

 (13) 

 
The significant difference with the MPW model is that we have now the sum of two ‘pure’ 

exponential reverberation decays (tN instead of t in the denominator of the second term). 

3.2 Model for the early decay 
The constant Cd in eq.13 will be fixed as explained in section 2.3 for the MPW model. The same 

assumption of an exponential early energy decay is used between times 0 and tN, with  as the decay rate. In 
other words, the early reverberation decay is supposed to be fixed by the average absorption in the room only. 
We recall that this assumption is not intended to accurately model the early reverberation decay, but the goal 
is only to give an initial condition to eq.13. The justification is the same as in (2). 

 (14) 

 
Regarding the initial time tN, a first proposal is to adopt the same value as in (2), i.e.  

corresponding to the first 10dB of the decay. Double this value will also be tested (corresponding to the 
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first 20 dB of the reverberation decay). 
An additional procedure is needed if Cd<0 in eq.14. This situation must be avoided as it can lead to 

unrealistic energy decays, as shown in (2). In that case, the same initial value of the decay tN is used, but 
the constant Cd is set to zero and another decay rate is selected for the exponential early decay (  with 

). 

3.3 Test of the simplified model 
The simplified model expressed by eqs. 13 and 14 is now tested by comparison with a ray tracing 

program and the MPW model. 
A shoebox room similar to the one used in (2) is selected: the length L in Figure 1 is set to 30m, 

while the two other dimensions (width and height) are 10m. All the lateral surfaces are diffusely 
reflecting, with a variable absorption coefficients. Only the surfaces A1 and A2 can reflect specularly, 
with a scattering coefficient value being equal to either 0, 0.3 or 1. The sound source is situated in the 
middle of the room in this study and several receptors are distributed in the volume for the ray tracing 
program. 

Regarding the distribution of absorption in the room, eight tests cases are defined in Table 1: A1 and 
A2 share the same value 12 while all other surfaces have the same absorption coefficient others.  

 
Table 1 – The different combinations of absorption coefficients 

Test case 1 2 3 4 5 6 7 8 

others 0.2 0.2 0.2 0.5 0.5 0.8 0.8 0.8 

12 0.1 0.2 0.4 0.1 0.4 0.1 0.2 0.4 
 
If the scattering coefficients of A1 and A2 are both equal to 1, then all reflections in the shoebox 

room are of the diffuse type. In that case, the energy decays computed by the sound ray program are 
very similar from one receptor to another and also quite exponential (linear decay in dB), whatever the 
combination of absorption coefficients. Also, both the MPW and the simplified model lead to the same 
results: since R1=R2=0, the decay rate  and the decay is simply exponential in both cases, with 
the decay rate . The resulting reverberation times T30 are close to those predicted by the ray tracing 
program (averaged over all receiving positions). 

More interesting is the test case in which specular reflections are defined on A 1 and A2 (scattering 
coefficients equal to 0). Now, the shape of the reverberation energy decays predicted by the ray tracing 
program strongly depends on the combination of absorption coefficients, as shown in Figure 2  (green 
curves). It also significantly depends on the receiving position in this shoebox room, so only the 
average decay is compared with the MPW and the simplified models. Indeed, those models do not 
predict local variations of the reverberation, but only the decay of the global energy.  

It is first shown in Figure 2 that the MPW model (purple curve) developed in (2) correctly predicts 
the reverberation decays (compared with ray tracing), for all combinations of absorption coefficients. 
This is just an illustration of the discussion made in section 2.4 about the validity of this model.  The 
reverberation times T30 have also been computed from these energy decays. The average relative 
difference between the T30 values issued from ray tracing and the MPW model is 8% for the cases 
illustrated in Figure 2, the maximum being 20% for test case number 4.  

However, the predictions of the simplified model developed in sections 3.1 and 3.2 are far from 
accurate. If the deviations with the ray tracing results are quite limited if the absorption of the lateral 
walls is weak (cases 1 to 3), they are highly significant for all other cases. Not only the energy decay, 
but also the reverberation times are badly predicted. Another point is the clear discontinuity of the 
slope between the early decay and eq.13 in most cases, when the decay rate  is much less . This 
discontinuity can also exist in the energy decays computed by the MPW model, but it is much less 
visible, due to the smoothing effect of the factor . 

In Figure 2, the initial time has been defined as , i.e. corresponding to the first 
20dB of the early decay. Changing this value to  does not modify the conclusions of 
the comparison. 
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Figure 2 – Comparisons of the reverberation energy decays computed in the shoebox room by the ray tracing 

program (at a given receptor, close to average results), the MPW model and the simplified “plane wave” 

(PW) model with . The eight tests cases (depending on absorption coefficients) are 

presented in order (see table 1), from left to right and up to down. The surfaces A1 and A2 are specularly 

reflecting. 
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4. CONCLUSIONS 
The question asked at the beginning of this study was if it was relevant to still simplify the MPW 

analytical model of the reverberation energy decay in a room with a pair of parallel surfaces. This 
model was developed by the author of this paper in (2) and led to an expression of the decay as the sum 
of two exponential decays, the second one being multiplied by . The simplification consists in 
assuming plane wave propagation between the two parallel surfaces, from a certain  time of the decay. 
This results in a modified expression of the decay as the sum of two ‘pure’ exponential decays , a model 
that has already been proposed by other authors. 

Several comparisons have been done with the decays predicted by a sound ray program which is 
considered as the reference method. In particular, it has been shown in section 3 that, for a particular 
shoebox room, the simplified model gives significantly worse predictions than the MPW model.  This 
example is the only one illustrated in this paper, but bad predictions have also been observed in many 
other cases. 

It appears that no clear adaptation of the model’s parameters could improve the accuracy of the 
simplified model. The main problem is well illustrated in Figure 2, i.e. the (reference) energy decays 
predicted by the ray tracing program have a continuously decreasing slope (in dB), something that 
cannot be accounted for by the ‘pure’ exponential decay, but wel l by the factor . 

This confirms the necessity of taking this into account in the MPW model.  
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Abstract
This paper presents an overview of the applicability of implicit time-domain FEM (TD-FEM) for room acoustics
simulation, which has fourth-order accuracy in both space and time. First, the TD-FEM algorithm is presented
with explanations of dispersion-reduced finite elements for spatial discretization and a time integration method
for time discretization. The theoretical dispersion error property is also shown. Use of the dispersion-reduced
scheme presents benefits in terms of accuracy, stability and convergence of an iterative solver, which have a
marked effect on the computational cost. Then, the applicability of TD-FEM is demonstrated using two numer-
ical examples on room acoustics simulation in the kilohertz frequency range, which are acoustics simulations
of a simply shaped concert hall and simulation of reverberation absorption coefficient measurements. In numer-
ical examples of concert hall analysis, comparison with a conventional TD-FEM presents the efficiency of the
dispersion-reduced TD-FEM. Modeling accuracy of non-locally reacting permeable membrane sound absorbers
for the TD-FEM is presented through simulation of reverberation room method.
Keywords: Finite element method, Room acoustics simulation, Wave acoustics

1 INTRODUCTION
Wave-based room acoustic simulations, which solve a wave equation numerically under appropriate boundary
conditions, can accurately simulate sound propagation inside rooms. Nevertheless, they entail an important
shortcoming: computationally, they are too expensive because of the large dimensions of the architectural space.
Therefore, discretization of a wave equation accurately using less computational resources is a primary con-
cern for practical applications. Recently, direct time domain simulations have garnered considerable attention.
Various efficient time domain wave-based solvers have been proposed, with numerous unique benefits and short-
comings [1, 2, 3, 4, 5, 6, 7, 8]. Actually, time-domain finite element method (TD-FEM) is an attractive solver,
especially for complex shaped room acoustics simulation, with the inherent capability of modeling complex ge-
ometries by finite element discretization of space. The algorithm can be made unconditionally stable simply
by changing a parameter for the standard formulation. Derivation of the stability condition is simple, even in
simulations of complex-shaped rooms using conditionally stable algorithms. These features are also favorable
for room acoustics simulation. However, the algorithm is generally implicit, with complex implementation be-
cause of the requirement of matrix operation. Combined usage of sparse matrix storage formats and iterative
solvers is quite important for large-scale analyses. In addition, inherent space and time discretization errors
called dispersion errors must be reduced to conduct large-scale room acoustics simulations efficiently.
Recently, the authors have undertaken development of dispersion-reduced TD-FEM using low-order FEs for
large-scale room acoustics simulations. It has fourth-order accuracy in both space and time for an idealized
condition. This paper presents an overview of the our recent developments [4, 9], with demonstrations of
its applicability to large-scale room acoustics simulation. For the demonstrations, the accuracy and efficiency
over a conventional second-order accurate TD-FEM are first presented by the simulation of a simply shaped
concert hall. The validity is further demonstrated by the direct simulation of reverberation absorption coefficient
measurement for single-leaf permeable membrane sound absorbers. The paper contents are based on our earlier
work [4, 9], but explanations of the development on a higher-order spline method can be found in other reports
of the relevant literature [1, 3, 7].
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2 DISPERSION REDUCED TIME DOMAIN FEM [4]
2.1 Space and time discretization of the wave equation
We consider sound propagation in a closed sound field governed by a nonhomogeneous wave equation expressed
with sound pressure p as

∂ 2 p
∂ 2t
− c2

0∇
2 p = ρ0c2

0
∂q
∂ t

, (1)

where ρ0 signifies the air density, c0 stands for the speed of sound in air, and q denotes the added fluid
mass per unit volume. The air domain is spatially discretized using linear hexahedral FEs with a dispersion
reduction method called modified integration rules (MIR) [10]. Use of MIR has three appealing characteristics:
reduction of dispersion error, relaxation of the stability condition, and accelerating convergence of the iterative
solver. Those characteristics are demonstrated later through numerical examples. Introducing FE discretization
to the weak form of nonhomogeneous wave equation and inserting boundary conditions give the following
semi-discretized matrix equation as

Mp̈+ c2
0Kp+ c0Cṗ = f, (2)

Here, M, K, and C respectively represent the global mass matrix, global stiffness matrix, and global dissipation
matrix in terms of the air domain. The two vectors p and f respectively represent sound pressure at all nodes
and the external force. Further applying a direct time integration method called Newmark β method in the
temporal direction, which can control stability by a parameter β , yields the following time-marching scheme.

[M+β∆t2c2
0K+0.5c0∆tC]p̈n+1 = fn+1− c0CP− c2

0KQ, (3)
pn+1 = pn +∆tṗn +∆t2(0.5−β )p̈n +∆t2β p̈n+1, (4)

ṗn+1 = ṗn +0.5∆t(p̈n + p̈n+1), (5)

with

P = ṗn +0.5∆tp̈n, Q = pn +∆tṗn +∆t2(0.5−β )p̈n. (6)

Here, ∆t represents the time interval. The linear system of Eq. (3) is solvable efficiently using a preconditioned
iterative solver, Conjugate Gradient (CG) method, with diagonal scaling. The present paper uses the highly
accurate Fox–Goodwin (FG) method, which is known as a Newmark method with β = 1/12. Regarding the data
structure of storing matrix components of Eq. (3), sparse storage formats such as the compressed row storage
format, which do not store zero elements, provide the benefit of reducing or limiting the memory requirements
because the matrices of Eq. (3) are sparse and include many zero elements.

2.2 Modified integration rules and 3D dispersion relations
MIR [10] is Gauss–Legendre rule with modified integration points to calculate the element stiffness matrix ke
and mass matrix me. It requires no additional computational cost. For linear hexahedral FEs, Gauss–Legendre
rules in three dimensions are defined as

ke '
8

∑
i=1

wi∇N(αk,i,αk,i,αk,i)
T

∇N(αk,i,αk,i,αk,i)det(J), (7)

me '
8

∑
i=1

wiN(αm,i,αm,i,αm,i)
TN(αm,i,αm,i,αm,i)det(J), (8)

where αk,i and αm,i are coordinates of the i-th integration point for ke and me, wi is the weight of i-th inte-
gration points, J is the Jacobian matrix. For the conventional Gauss quadrature rule, αk,i = αm,i = ±1/

√
3 and
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wi = 1. Instead of the conventional points, MIR use modified integration points, which are derived from theo-
retical dispersion error analyses for an idealized condition, and which are given for the Fox–Goodwin method
as

αk,i = αm,i =±
√

2/3. (9)

The points above inherently eliminate a second-order error term attributable to spatial discretization. It can be
shown that the dispersion-reduced TD-FEM has fourth-order accuracy in terms of dispersion error via theoretical
dispersion error analysis. In the theoretical analysis, an ideal plane wave propagation in a free field is assumed
under a spherical coordinate system with uniformly discretized rectangular grid. The theoretically estimated
dispersion error edis. is given as [4]

edis. '
k4

480
[d4

x cos6
φ sin6

θ +d4
y sin6

φ sin6
θ +d4

z cos6
θ − c4

∆t4]. (10)

Therein, k, θ , and φ respectively denote the wavenumber, azimuth, and elevation. The element sizes of rect-
angular FEs in the x, y, and z directions are denoted respectively by dx, dy, and dz. For the TD-FEM using
conventional Gauss rule the order of dispersion error is of second order as presented below

edis. '
k2

24
[d2

x cos4
φ sin4

θ +d2
y sin4

φ sin4
θ +d2

z cos4
θ ]. (11)

Equation (11) includes only spatial discretization error, indicating that FG method is inherently fourth-order
accurate. The sound speed in dispersion-reduced TD-FEM becomes slower when using coarser mesh, whereas
the sound speed increases in the conventional TD-FEM.

2.3 Stability condition
The dispersion-reduced TD-FEM using FG method is conditionally stable, but the stability limit is more relaxed
than the conventional TD-FEM. The stability condition for arbitrary element shape is given as

∆t ≤ 1
ωmax

√
1/4−β

. (12)

In that expression, ωmax is the maximum natural frequency calculated from a generalized eigenvalue problem
(ke− k2me)pe = 0 for all elements. The solution of the eigenvalue problem is trivial because it is the element
level calculation. For rectangular FEs, Eq. (12) can be written simply as [4]

∆t ≤ 1

c
√

1
d2

x
+ 1

d2
y
+ 1

d2
z

. (13)

The dispersion reduced TD-FEM can use a
√

2 times larger time interval than the stability condition of conven-
tional TD-FEM, which is given below:

∆t ≤ 1
√

2c
√

1
d2

x
+ 1

d2
y
+ 1

d2
z

. (14)

3 APPLICATIONS
3.1 Simply shaped concert hall
The efficiency of the dispersion-reduced TD-FEM is presented in a comparison with the conventional second-
order accurate TD-FEM through the acoustics simulation of a simply shaped concert hall with volume of 8,056
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Figure 1. A CAD model of a hall with a source and ten receiving points.
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Figure 2. Waveforms at R1 calculated using (a) dispersion-reduced TD-FEM, (b) conventional TD-FEM, and
(c) comparison of direct sound at R1 with theory.

m3. Figure 1 presents the analyzed hall which has 49,172,384 degrees of freedom. The mesh satisfies a spatial
resolution of 4.3 elements per wavelength at the upper-limit frequency of 1.4 kHz. The spatial resolution is
much smaller than the well known rule of thumb for linear elements, i.e., ten elements per wavelength. There-
fore, the sound speed in the conventional method becomes greater than the exact value of c0. A point source S
is placed at the center of stage (1.2 m height). A tone-burst signal with six waves of 1 kHz center frequency
is used as the sound source signal. The band-limited impulse response is calculated up to 1.6 s at 10 receivers
R1∼R10. The equivalent impedance model [3] is used to model sound absorption at the boundary surfaces.
The averaged sound absorption coefficient in the hall is 0.27. Time intervals used for the dispersion-reduced
TD-FEM and conventional TD-FEM are, respectively, ∆t=1/12,000 s and ∆t=1/17,000 s. The respective stability
limits for both methods are 1/11,702 s and 1/16,549 s. Here, the dispersion reduced method can reduce the
total time steps of analyses to 1/

√
2 of those used for the conventional method.

Figures 2(a)–2(c) respectively show overall impulse responses at R1 for both methods and a comparison of
direct sound at R1 with theoretical values. Dispersion-reduced TD-FEM shows good agreement with theory,
but the arrival time of direct sound in the conventional method is earlier than that of theory. Figure 3 portrays
sound pressure distributions at 30 ms and 80 ms for both dispersion-reduced TD-FEM and conventional TD-
FEM. Dispersion-reduced TD-FEM shows isotropic sound propagations with smaller dispersion error, but the
conventional TD-FEM shows anisotropic propagations because of its larger dispersion error. The conventional
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Figure 5. Numerical reverberation chamber model including a single-leaf PM absorber and material property of
eight permeable membranes. [9]

method has larger dispersion error for axial directions than oblique directions. Therefore, the sound speed in
axial directions becomes faster than that in oblique directions, as might be apparent in Figure 3. Figure 4
presents the iteration numbers of CG method at each time step for both the methods and the convergence
history at 50 ms and 100 ms. The iteration number corresponds to the number of matrix-vector products,
which comprise a large percentage of operations in TD-FEM. It is particularly interesting that the dispersion-
reduced TD-FEM has better matrix property for the convergence of iterative solver, showing a rapid residual
reduction. The mean iteration number per time step is 4, whereas the number is 11.8 for the conventional
method. Therefore, the computational complexity of dispersion reduced method is reduced to 1/3 of that of
conventional method with the same mesh, including the effect of time step reduction. These effects are notable
benefits of the dispersion-reduced method as well as the effect of reducing the dispersion error.

3.2 Reverberation absorption coefficient measurements
Permeable membranes (PMs), which are air-permeable thin woven fabrics or non-woven fabrics, are attractive
sound-absorbing materials. Various PM absorbers have been proposed to date, such as acoustic curtains, sus-
pended acoustic ceilings, and space sound absorbers [11, 12, 13]. In this section, the absorption characteristics
of the most classical single-leaf PM absorber (PMSG), in which a PM is placed in front of a rigid-backed air
cavity, are predicted by the simulation of reverberation absorption coefficient measurements, and are compared
with measured values to demonstrate the further applicability of dispersion-reduced TDFEM. Figure 5 shows the
simulated reverberation room (130 m3 volume and 153 m2 surface area), which includes detailed information
about the installed materials. The material properties are all measured values. Eight PMs, each with different
flow resistance and surface density, are used for comparison. All materials are thin woven fabrics or non-woven
fabrics made of general purpose chemical fibers such as PET, PP, and glass fibers. The reverberation absorption
coefficient measurements are found based on JIS A 1409 standard, except for the area of the test specimen,
with an integrated impulse response method. In the simulations, calculations are done in the empty room and
in the room containing the absorber to calculate the absorption coefficient at frequencies of 100 Hz to 2.5 kHz.
Three frequency bands (low, medium, and high frequencies) are considered in the calculations to simulate the
frequency dependence of absorption characteristics of the room’s boundary surface. Here, the low-frequency
band includes frequencies of 100 Hz – 500 Hz. Mid-frequency and high-frequency bands respectively include
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Figure 6. Comparison of reverberation absorption coefficient of PMSG using membranes of #1–#8 among
measurement, theory and dispersion-reduced TD-FEM. [9]

frequencies of 630 Hz to 1.25 kHz, and of 1.6 kHz to 2.5 kHz. For the boundary surface of the room, equiv-
alent impedance values corresponding to 0.0124, 0.0189, and 0.0275 are given respectively at low-, medium-,
and high-frequency bands. Band-limited impulse responses are calculated up to 13.0 s, 9.0 s, and 5.0 s for the
respective frequency bands, with a sound source signal, which is the impulse response of optimized FIR filter
based on the Parks–McClellan algorithm. PMs are modeled using limp PM elements [9]. Two FE meshes with
different spatial resolution are created for low and medium-frequency bands and high-frequency band, which
respectively satisfy five elements per wavelength at the upper-limit frequencies of 1,414 Hz and 2,828 Hz. As
a reference, the resulting total numbers of elements of finer FE mesh are 17,632,256 in the empty model,
18,608,148 in the room model containing the absorbers. The time intervals are set to 1.2195 × 10−5s for the
empty model and 1.14943 × 10−5s for the room model containing the absorbers.
Figure 6 presents a comparison of reverberation absorption coefficients αr of PMSG using membranes #1–#8
among measurement (Meas), FEM value and the theoretical statistical values. The absolute difference of the
absorption coefficient between measurements and FEM is also shown in the figure. As a well known feature,
PMSG can not offer a highly diffuse field absorption coefficient at low frequencies because of the effect of
non-locally reacting rigid-backed air cavity [14]. This feature is apparent in both FEM and measured results.
Overall, considering measurement uncertainty, FEM results were found to agree well with measured results.
Better agreement can be found in the results of membranes #1, #5, #7, and #8, with mean absolute difference
values less than 0.033. In future works, the present numerical reverberation chamber is useful for PM sound
absorber designs with complex configurations. In addition, the limp PM elements are expected to be useful to
model the sound absorption characteristics of acoustic curtains, suspended acoustic ceilings, and space sound
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absorbers.

4 CONCLUSIONS
This paper presented an overview of the dispersion-reduced TD-FEM for room acoustics simulation and its
applicability, based on our recent developments. The first numerical example clearly showed a considerable
benefit of the dispersion reduction method to conduct large-scale room acoustics simulation efficiently without
reducing accuracy. Then, the second numerical example demonstrated the applicability of dispersion reduced
TD-FEM toward sound absorber design by numerical reverberation chamber tests. It can be concluded that the
dispersion-reduced TD-FEM has promising potential to simulate acoustics of practical sized rooms at kilohertz
frequencies.
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Abstract
Boundary Element Method (BEM) and Radiosity Method (RadM) are established methods for numerical sound
field computation. The BEM yields sound pressure amplitudes mainly for low frequencies, whereas for high
frequencies geometrical methods are more efficient: ray and beam tracing and, well known in illumination sim-
ulation, the RadM. The latter, in contrast to the BEM, is based on an energy balance described by Kuttruff’s
integral equation. A comparison of BEM and RadM is interesting as both are based on a very similar data struc-
ture: a subdivision of the room’s surface into a large number of patches and a matrix of factors describing the
geometrical relationships between them. While the BEM requires surface impedances, the RadM uses absorp-
tion degrees assuming perfectly diffusely reflecting walls and yields, in its stationary version, the illumination
distribution and from that the local sound energy densities and levels. Its iterative solution in time domain yields
energy decay curves and thus reverberation times. With the BEM, these are computed by inverse Fourier Trans-
form. A set of rooms with different local distributions of the absorption coefficient is examined, the results of
both methods are compared with regard to sound pressure level and reverberation time.
Keywords: numerical acoustics, room acoustics, boundary elements, radiosity, reverberation time, sound
pressure levels, integral equation, patches

1 INTRODUCTION
Boundary Element Method (BEM) and the Radiosity Method (RadM) are established methods of numerical
acoustics, the latter also in room acoustics though extremely different and in a different application. The BEM
[1,2] is a low frequency method for rooms of a few wavelengths extension as in many sound radiation problems
of machine noise and car cabin acoustics; it requires surface impedances as boundary conditions, the considered
quantity is the sound pressure p on the room surface and its coherent superposition in the frequency domain.
The RadM like mirror image source method [3], ray and beam tracing [4,7] is valid only for rooms of large
dimensions compared with the wavelength such that incoherent, i.e. energetic superposition is assumed. The
considered quatitiy is the irradiation strength B on the room surface. It is often used as an extension to ray
tracing to compute reverberation times [5,6]. Usually octave band averaged absorption degrees are given, the
objective quantity is the irradiation strength B on the room surface.
Both methods have in common that an integral equation over the surface S of a volume (room) V is solved by
discretization: Kirchhoff’s in BEM, Kuttruff’s in RadM. For that purpose the room surface is subdivided into a
large number of small “patches” of approximately same size, typically triangles or squares and to consider their
mutual interaction in a matrix whose elements contain Green’s function (BEM) or “transition factors” (RadM),
both depend mainly on geometry.
While for the BEM the patches should be smaller than a sixth of the wavelength, the RadM patches are usually
much larger; they should be smaller than a tenth of the mean free path length Λ = 4V/S. Furthermore, the
pairwise consideration in RadM inherently means perfectly diffuse, i.e. “forgetting” reflections independent
from the incident direction of sound. RadM is only valid above the Schroeder-frequency, BEM can be applied
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for frequencies up to a value that is limited by the computational effort only.
With this paper, a first attempt is made, to compare these very different and yet similar methods. As a typical
example of application, computed sound fields, sound pressure levels and reverberation times in some small
reverberation chambers are compared, without and with absorber. Very different results are expected and dis-
cussed.

2 THEORY
Both methods have in common that there are four types of irradiation to be considered:
1) from a source point within the volume V to the surface S; 2) wall-wall (patch-patch) interaction; 3) wall-
receiver (point in V ); 4) direct source-receiver. 1) and 2) are summarized in one equation resp. one computa-
tional step, the same with 3) and 4).
To solve the resulting integral equations, first the surface is discretized into small patches, and an interaction
matrix between all patches is pre-computed. Then, first, with the BEM the sound pressure p(~r, f ) over the
surface resp. pli is computed by solving a linear equation system, or, iteratively, in the RadM the irradiation
strength B(~r, t) resp. Bli is computed. Then, from that, p(~rr, f ) the final result (after Fourier transform pressure
p(~rr, t)) resp. intensity I(~rr, t) at the receivers. (For variables see below.)

2.1 Variables in both methods
S = room surface, V = room volume; quantities with ’: source side
points on S: ~r′ = source, ~r = receiver patch, points in V : ~rs = source, ~rr = receiver, (see fig. 1a); polar angles
related to surface normal at points ~r and ~r′ (see fig. 1b): θ and θ ′, respectively.
variable distances: R = |~r′−~r|, Rs = |~rs−~r|, Rr = |~rr−~r|.
differential surfaces: dS′(~r′), dS(~r).
After discretization of the surface into N patches of approximately same area: index i source patch, k receiver
patch. surfaces ∆Si resp. ∆Sk on source resp. receiver side; with double indices: first for source, second for
receiver;
discretized distances from/to the centroids of ∆Si, resp. ∆Sk: Rik, Rsk, Rir, Rsr, patch centroids ~ci, ~ck.
polar angles measured at the centroids of ∆Si resp. ∆Sk into the direction of the other: θik, θki.
physical quantities: given constants: sound power at source: P(t), BEM: complex impedance Z(~r′) resp. dis-
crete Zi, RadM: energetical reflection degree ρ(~r′) resp. ρi. Underlining indicates complex quantities.
to be computed: BEM: sound pressure p(r, f ) resp. discrete pl,i, RadM: irradiation strength B(~r, t) resp. discrete
Bli. l = number of time interval; p, B = column vectors.
finally to be computed: sound pressure p(~rr, t) resp. intensity at receiver I(~r, t) resp. discrete Ili.

dS

~r

~r′

receiver
source

θ′

θs

θθr

Rsr

R

Rr

Rs~rr
~rs

S Vi

~n′
~n

a)

~r′dS′
~r

∆Si

∆Sk

R

b)

~n′
~n

Figure 1. Geometrical setup relevant for both, BEM and RadM. a) overview, b) detail
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2.2 Boundary Element Method (BEM)
Wave propagation is described by the Helmholtz equation

∇
2 p(~r, f )+ k2

w p(~r, f ) = 0. (1)

Here the time convention is exp( jωt). Equation (1) has to be solved for the given boundary conditions for all
frequencies resp. wave-numbers kw = ω/c, where ω = 2π f is the angular frequency, and c is the sound speed
in air (340m/s). The fundamental solution, given a point source in ~r′ results from applying (1) to Greens’s
function

g(~r,~r′) =
e− jkwR

4πR
. (2)

The pressure p can be formally split up into a scattered part and an incident part [1]:

p = pscat + pinc. (3)

Here “scattered” means reflected in any direction, not to be confused with scattering in contrast to geometrical
reflection in geometrical acoustics. pinc introduces the sound source (as with the RadM a sound power P is
introduced), it is the source’s free sound field. Here a point source was used (1/r2-law). With the help of
Green’s second identity [1] applied each for pinc and pscat transforming a volume into a surface integral and
inserting (1) yields Kirchhoff’s integral equation∫

S

(
p(~r′)~n′(~r′) ·∇g(~r,~r′)+ jωρag(~r,~r′)p(~r′)/Z(~r′)

)
dS(~r′) =

{
− 1

2 p(~r)+ pinc(~r), if ~r on S,
− p(~r)+ pinc(~r), if ~r in Vi.

(4)

Note that in (4) ∇p has been substituted by − jωρa p(~r′)/Z(~r′) where ρa is the density of air (1.2 kg/m3) and
Z(~r′) is the wall impedance.
After discretization, these integral equations (4) are solved in two main steps, as mentioned in 2.1 and described
in 3.1.
Repeating this for several frequencies yields the room’s transfer function and, after inverse Fourier transform
and frequency band filtering, its impulse response.

2.3 Radiosity Method RadM
Kuttruff’s integral equation (7) describes the mutual irradiation of infinitesimal surface elements; its solution is
the radiation strength B(~r, t) on the surface (~r ∈ S) where B is defined as incident perpendicular to a surface and
therefore relates to the intensity I via B = I cosθ . Each surface element dS(~r) receives sound energy from all
other elements dS′(~r′) at distances R delayed by the times R/c. The total ammount of sound power sent from
dS′ is dP = ρ(~r′)B(~r′, t−R/c)dS′(~r′) with a local degree of reflection of ρ(~r′). According to Lambert’s law the
sound power emitted per solid angle dΩ is

dP′(~r, t−R/c) = ρ(~r′)
cosθ ′

π
B(~r′, t−R/c)dS′(~r′) (5)

causing at a distance R an intensity of I(~r, t) = dP′/R2 and thus an irradiation strength of

dB(~r, t) = ρ(~r′)
cosθ cosθ ′

π
B(~r′, t−R/c)dS′(~r′). (6)

The sum of all contributions from the dS′(~r′) including the direct sound from an omnidirectional source with
power P(t) yileds Kuttruff’s integral equation

B(~r, t) =
∫
S

cosθ cosθ ′

πR2 ρ(~r′)B(~r′) dS′(~r′)+
P(t−Rs/c)cosθs

4πR2
s

. (7)
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In an analogous way the incident intensity at the receiver point I(~rr) is obtained by summing the contributions
of all wall elements and of the sound source:

I(~rr, t) =
∫
S

cosθ ′s
πR2

r
ρ(~r′)B(~r′, t−Rs/c) dS′(~r′)+

P(t−Rsr/c)
4πR2

sr
. (8)

3 NUMERICAL IMPLEMENTATION
3.1 Boundary element method
In the patch based formulation of BEM each patch is assigned the valuees pk and Zk of pressure and impedance,
respectively, hence the discretization of (4) is

− 1
2

pi + pinc,i =
N

∑
k=1

∫
∆Sk

~n′(~r′) ·∇g(~r,~r′) dS(~r′)

 pk +

 jωρa/Zk

∫
∆Sk

g(~r,~r′) dS(~r′)

 pk, i = 1, . . . ,N. (9)

Empirically, g and ∇g can be assumed to be constant on each patch if the length of the patches does not excede
1/6 of the wave length. Therefore the integrand in (9) is evaluated at the centroids ~ci and ~ck (i,k = 1, . . . ,N) of
the patches (except for i = k). Thus (9) simplifies to:

− 1
2

pi + pinc,i =
N

∑
k=1

(
~n′k ·∇g(~ci,~ck)+ jωρa/Zig(~ci,~ck)

)
∆Sk pk. (10)

In the case i = k both, g and ∇g become singular, yet the singularities can be fixed [1,2]. Finally the system of
equation reads: A~p =~pinc, where

Aik =

{(
~n′k ·∇g(~ci,~ck)+ jωρa/Zkg(~ci,~ck)

)
∆Sk, if i 6= k,

1
2 −

ρac
2 (exp(− jkw

√
∆Sk/π)−1), if i = k,

(11)

and ~p is the column vector of the pressure values pk at the patch centroids and the pinc,i summarizes the
pressure at the patch centroids due the source. Once the system is solved the pressure at the receiver positions
at the frequency ω is obtained by executing the integration in (4) numerically for the case ~r =~rr ∈ Vi, i.e.
replacing ~ci by ~rr:

p(~rr, f ) =−
N

∑
k=1

(
~n′k ·∇g(~ck,~rr)+ jωρa/Zkg(~ck,~rr)

)
∆Sk + pinc(~rr). (12)

The sound pressure values at the receiver points, p(~rr, f ), are computed for all frequencies of the desired fre-
quency band. To get impulse responses (FIR) p(~rr, t), discretized pl , the p(~rr, f ) have to be Fourier transformed
and band pass filtered.

3.2 Radiosity Method
The discretized version of Kuttruff’s integral equation (7) assuming irradiation strengths and absorption coeffi-
cients to be constant on each patch reads

Bk(t) =
N

∑
i=1,i 6=k

∫
∆Si

cosθ cosθ ′

πR2 dS′(~r′)

ρiBi(t−R/c)+
P(t−Rs,k/c)cosθs,k

4πR2
s,k

, (13)
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Assigning the right hand side of (13) to Bk(t) implicitely means to assume that cosθ = const for all ~r ∈ ∆Sk
although ∆Sk is a finite area. Therefore a further integration over the receiving patch ∆Sk is needed, interpretable
as an averaging on ∆Sk:

Bk(t) =
1

∆Sk

∫
∆Sk

N

∑
i=1,i 6=k

∫
∆Si

cosθ cosθ ′

πR2 dS′(~r′) dS(~r)ρiBi(t−R/c)+
P(t−Rs,k/c)cosθs,k

4πR2
s,k

. (14)

Changing the order of summation and integration eq. (14) can be written as

Bk(t) =
N

∑
i=1

ρigikBi(t−R/c)+
P(t−Rs,k/c)cosθs,k

4πR2
s,k

, (15)

where

gik =
1

∆Sk

∫
∆Sk

∫
∆Si

cosθ cosθ ′

πR2 dS′(~r′) dS(~r), if i 6= k; gii = 0. (16)

The transition factors gik can be interpreted as the fraction of sound power propagated from patch i to patch k
in the total sound power propagated from patch i to all patches.

Transition factors gik: From the definition of a solid angle it follows that

Ωik(~r) =
∫

∆Si

cosθ ′

R2 dS′(~r′) (17)

is the solid angle that ∆Si covers as seen from a point ~r in ∆Sk. Hence

gik =
cosθik

π
Ωik. (18)

It can be calculated by the method of the spherical excess as sum over the interior angles of the projection of
the i-th patch on a unit sphere centered at ~r =~ck [9]. Since eq. (16) is not solveable analytically in general [8]
the outer integration can be approximated by an average over 9 triangular sub-patches of ∆Sk. A test evaluation
showed that, compared with a (unacceptably time consuming) numerical double surface integration (16), the
relative differences between (16) and (17)-(18) are neglectable in most cases. Even the simplest “naïve” method
of approximating Ωi(~r)≈ cosθ ′∆Si/R2 deviates from (17) by maximum 1% if ∆Si/R2 < 10−2 (“far” patch-patch
distances).

Computation of time-dependent irradiation strengths: For the time-dependent RadM a time step ∆t as av-
erage sound travelling time from one patch to its neighbor patch is defined by ∆t = Lpp/c where Lpp is an
average distance between the centroids of two adjacent patches. On the other hand, to allow a roughly suffi-
cient temporal resolution, Lpp should be of the order of 1/10 of the room’s mean free path length. The total
iteration time T should be at least half the reverberation time T60 which can be estimated with Sabine’s formula
using the given ρi and ∆Si.
The time iteration is executed for Nt = [T/∆t] time steps; it describes the energy transfer and re-distribution
process among the patches i.e. among the values of the matrix elements of B according to a time-discretized
version of (15). There Bk(t) results from the Bi and power P retarded in time. In an intuitive “future oriented”
approach the irradiation strength Bli of patch i is distributed forward in time and space to patch k by adding
its (ρigik)-fold to the respective element of matrix B. The sound travelling distance and time are Rx and Rx/c,
thus the receiving row index in the matrix B is mx := l + dRx/(c∆t)e and the sending row index is l. There
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are four energy transfer processes to be executed iteratively acoording to equations (15) and (8), therefore
Rx = Rsk, Rik, Rir, or Rsr (anologuously for mx). Each is carried out for all time steps l = 1, . . . ,Nt .
“Source to wall”: Distribute the source power to all patches (P-term in (15)): Bms,kk←Bms,kk+Pl cosθs,k/(4πRs,k).
“Wall to wall”: For each patch i distribute its radiation strength to all patches k (B-term in (15)):
Bmikk← Bmikk +gikρiBli.
“Wall to receiver”: For all patches i distribute their radiation strength to the receiver (B-term in (8)):
Imir ← Imir +girρiBli.
“Source to receiver”: Distribute the source intensity to the receiver ((P-term in (8))): Imsr ← Imsr +Pl/(4πR2

sr).

4 NUMERICAL EXPERIMENTS
While the BEM needs impedances Z the RadM needs the corresponding reflection degrees ρ = 1−α (absorption
degree α). The following relationship between them has been employed:

α =
8

ζ 2 cos µ

[
ζ +

cos2µ

sin µ
arctan

(
ζ sin µ

1+ζ cos µ

)
− cos µ ln

(
1+2ζ cos µ +ζ

2)] , ζ =
Z

ρac
, (19)

where ζ and µ are absolute value and angle of the specific impedance ζ [5].

4.1 Setup
The three investigated rooms were intended to be reverberation chambers according to ISO354 yet smaller to
reduce the computational effort. Reverberation time T20 and the sound intensity level L were calculated once
each with 2 absorption distributions and with both methods. In each of these 12 cases the receiver points were
in 10 cm × 10 cm grids, one horizontal (z = 0.5 m), one vertical (x = 1.25 m). Source: point source at
~rs = (2,2,1)T , power: P = 1 W total power of source impulse in BEM, RadM: P1 = 1 W for the first time step,
else zero.
Rooms: 1. rectangular room with edge lengths of 4 m, 4.5 m, and 2.8 m (V = 50.4 m3, S = 83.6 m2); 2. a
slanted room created from the rectangular room by tilting 3 surfaces by 4◦ inwards (V = 44.5 m3, S = 77.3
m2); 3. a room with pentagonal floor plane and without any pair of parallel walls (V = 41.0 m3, S = 71.7
m2). Additionally the rectangular room was transformed to a room with “rough” and hence scattering walls by
shifting all patch vertices perpendicular to the surface by equally distributed random distances between 0 and
Lpp (for BEM only as the surface is inherently scattering perfectly in the RadM).
Absorption distributions: 1. All specific wall impedances ζ were set to 0.008+ 0.2889 j, all absorption coeffi-
cients ρ for RadM were set to the corresponding value 0.98 (19). 2. As absorber a 2.5m×3.5m rectangular area
at the floor with ≥ 0.5 m distance from all vertical walls, where ζ = 3.0880+1.3170 j (BEM, mass-damper-like)
and ρ = 0.2 (RadM).
Tesselation: BEM: ≈ 20,000 patches, mean distance Lpp = 9.5 cm, max. distance <15 cm; RadM: ≈ 5,000
patches, mean distance Lpp = 20 cm, max. distance <32 cm.
With the BEM p(~rr, f ) was calculated for the frequencies 170 Hz to 360 Hz in steps of 0.25 Hz (length 4
s FIR) and, after inverse Fourier transform, 250 Hz octave band filtered. Thus the number of patches was
suitable for the BEM though the calculation times were still manageable (≈ 600 s per frequency in MATLAB,
4 core CPU at 2 GHz with 16 GB RAM). The resulting impulse response was Schroeder-backwards-integrated
to determine the energy-time-decay curves. With the RadM the resulting I(~rr) from an impulse experiment were
backward-integrated without any previous transform.

4.2 Results and conclusions
The attempted results are shown as an overview in table 1.
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Table 1. Reverberation time T20 and sound level L (mean ± standard derivation) taken over all receiving points

room L [dB] T20 [s] T60 [s]
BEM RadM BEM RadM Eyring Sabine

rectangular without absorber 90.8 ± 1.1 92.1 ± 2.2 5.9 ± 0.3 4.6 ± 0.0 4.8 4.8
rectangularwith absorber 84.6 ± 2.0 86.0 ± 2.1 2.7 ± 0.5 1.0 ± 0.0 1.1 1.1
rough rectangular without absorber 91.1 ± 1.1 —- 8.3 ± 0.4 —- 4.2 4.3
slanted without absorber 91.7 ± 1.1 93.0 ± 2.0 6.0 ± 0.5 4.4 ± 0.0 4.6 4.6
slanted with absorber 84.3 ± 1.8 87.6 ± 2.0 2.2 ± 0.3 0.9 ± 0.0 1.0 1.0
pentagonal without absorber 91.6 ± 1.6 93.4 ± 2.3 5.7 ± 0.3 4.3 ± 0.0 4.5 4.6
pentagonal with absorber 83.8 ± 2.1 86.7 ± 2.2 1.8 ± 0.2 0.9 ± 0.0 0.9 1.0

Primarily, the results indicate that in the BEM – as in reality – local areas of high absorption lead to longer
reverberation times than predicted in Sabine’s formula which can be explained by the “survival” of long distance
reflected “sound particles”.
It is remarkable that, in BEM, the inhomogeneity of the sound field due to rooms modes can be recognized in
reverberation times even though these are defined as a relative decay only (figures 2 and 3). This effect also
occurs with the rooms with tilted walls.

Figure 2. Reverberation time T20 of the rectangular room without absorber; a) horizontal, b) vertical grid of
receiving points

Figure 3. Reverberation time T20 of the slanted room with absorber; a) horizontal, b) vertical grid of receiving
points
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Figure 4. Reverberation time T20 at vertical plane of receivers in the rectangular room without absorber, a) even
walls, b) rough walls

The influence of the room shape is small as compared to the effect of the absorber (table 1). Generally the
influence of the absorption area is stronger in BEM than in RadM.
Surprisingly, there was no double slope effect in the sound decay curves as expected for non diffuse sound
fields; the computed sound level decay curves were mostly straight lines (therefore not depicted).
The distributions and the values of the absorption coefficients were chosen to disturb the homogeneity and
diffusity of the sound field violating the conditions under which Sabine’s formula is valid. This should lead to
higher T20 than according to Sabine. The results of the RadM instead indicate that perfectly scattering walls
homogenize the sound field (standard deviations in table 1, column 4) so that RadM yields reverberation times
as predicted by Sabine’s and Eyring’s formulas which strongly assume constant irradiation strengths. This may
lead to an underestimation of T60 and thus an overestimation of the absorption coefficient as often occurs in
measurements. As expected, the reverberation times computed by BEM are much longer than those from Eyring
and RadM because of the rather geometrical reflections implicitely assumed in the BEM.
Astonishingly, the “crumpling” of the rough and scattering walls does not decrease but increase the reverbaration
times resulting from the BEM (see the 8.3 s in table 1). In comparing BEM and RadM many effects and their
reasons still have to be investigated.
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Abstract
The advantages and limitations of most numerical methods in room acoustics have to date been primarily eval-
uated in single-volume room conditions, placing emphasis on early reflection components and the early part of
the room acoustic impulse response. Few studies have examined the capabilities of simulations to model cor-
rectly the case of coupled volumes, where the late part of the impulse response is not a simple extension of the
early part and needs to be accurately represented. This work presents preliminary results of a round robin study
comparing numerical simulation results with coupled volume theory, using physical scale model measurements
to define general parameters. Numerical methods included geometrical acoustic solutions, with image source
method and ray/cone/path-tracing type approaches, and wave-based methods, comprising several FDTD imple-
mentations. A scale model was used to set the parameters of a statistical model to ensure a physically realistic
configuration. Room model coordinates were specified. To avoid issues regarding variations in implementation
of material and scattering behaviors across methods, the reverberation time of separate individual volumes was
prescribed in the uncoupled condition. Volumes were then coupled and the results analyzed. The comparison is
of a rather simplified room acoustic model, assuming homogeneous boundary conditions.

Keywords: Room acoustics, Coupled volume system

1 INTRODUCTION
A system of coupled volumes consists of two or more spaces that are connected through an acoustically trans-

parent opening. When a main room containing the source is coupled with a more reverberant auxiliary volume,

the sound decay within the main volume can exhibit a non-exponential behavior. During the last decades, nu-

merous new construction concert halls and other performing art spaces have had coupled volumes integrated in

their design. They offer various advantages like providing high perceived levels of clarity and reverberation at

the same time, two qualities that are usually contradictory in single volume spaces. In addition, coupled vol-

umes are found in other situations, such as stage houses and stair wells. As such, an evaluation of the ability

of current numerical methods to model them sufficiently correct for a given purpose is of interest.

Three round robin type studies on room acoustical numerical simulations have been conducted between 1994

and 2002 [1, 2, 3, 4] which compared the results of different algorithms with measurements in single volume

spaces. The procedure followed was close to that encountered in acoustic planning in the field of building design

and construction. First the acoustic materials were either described, later the acoustic properties of the materials

were prescribed according to measurements or data tables for uniformity. These studies have highlighted some

trends between simulation tools, while also showing the importance of user variability and input data quality.

Comparing results obtained by novice or insufficiently-trained users, or using general data for specific materials

both lead to higher variances and poor matching to measured results.

In order to assess the capability of different room acoustic simulation tools to accurately predict the acoustics

of coupled volumes, the protocol employed in the present work aims to minimize the variance due to input

and user variables. For this first comparison, a very simplified architecture is employed. Based on a phys-

ical scale model configuration of a simple shoebox-type coupled volume system composed of two rooms (a

main room and a single reverberation chamber) linked by a single large aperture, basic acoustic measurements
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are carried out separately for the two volumes in isolation to determine the equivalent homogeneous acoustic

material properties. In order to avoid issues regarding variations in implementation of material definitions and

scattering behaviors across different methods, participants were asked to fit their boundary conditions in each

room according to the measured reverberation times in the uncoupled configuration. Identical geometrical data,

corresponding to the wall geometries of the scale model, transformed to 1:1 scale, and the uncoupled acoustic

parameters of the two volumes were provided. Participants were comprised principally of the developers of the

tested software, so that error effects due to users was limited. To simplify the task of model calibration and as

a compromise between geometrical and wave-based methods, this study was limited to the 1 kHz-octave band.

2 MODELS AND METHODS
2.1 Coupled volume theory
A statistical-acoustics model of energy decay in a system of two coupled volumes [5, 6]. These models are

based on diffuse-field theory assumptions, that reverberant energy within each volume decays exponentially, as

described by Sabine’s model, and rooms interact through the exchange of diffuse energy. These models lead to

the resolution of a system of ordinary differential equations. This system for N rooms can be written as:

Vi
dEi

dt
=−cAiEi

4
+

N

∑
j=1, j �=i

cSi j(Ei −E j)

4
(1)

where i = 1, ...,N, c is the speed of sound, Ei denotes the average energy density in the ith room, Vi is the

volume of the ith room, and Ai is the equivalent absorption of the ith room calculated according to Sabine’s

model as Siᾱi, where Si and ᾱi are the total surface area and the averaged absorption coefficient of the ith room,

respectively. The coupling area between room i and an adjacent room j is denoted Si j. The resulting system of

linear differential equations (Eq. 1) can be presented in matrix form and solved by finding the corresponding

eigenvalues and eigenvectors, determining the constant terms from initial conditions.

2.2 Scale model and measurements
To ensure the tested simplified configuration represents a physically realisable system, a scale model was em-

ployed to obtain the basic parameters. Subsequent studies may rely on more detailed geometrical models with

the inclusion of specific material properties (absorption & scattering coefficients determined via direct laboratory

measurements). Such details could affect local variations in the simulated field across positions, as well as early

reflection patterns and possible flutter echoes when absorption and scattering are low and unevenly distributed.

The scale model is a very schematic coupled volume system representing the dimensions of a 1:20 scale concert

hall (Fig. 1). It is composed of two rooms: a large box with its walls covered with diffusive and lightly

absorptive materials and a smaller box with hard reflective materials to have a more reverberant cavity. They

represent a main room and a reverberation chamber of 17000 m3 and 5400 m3 at full scale, respectively. The

two volumes are acoustically linked by a common wall which contains a single aperture whose surface area

is ≈1 % of the total surface area of the main room’s walls. The side and rear walls are slightly tilted by an

angle of 2° in each room to avoid flutter echoes occurring between parallel surfaces in such simplified shoebox-

shaped volumes. The main room is currently sparse, and the inhomogeneous material distribution is evident. A

schematic representation of the coupled room system and photo of the main room are shown in Fig. 1, also

indicating the prescribed source (2) and receiver (4) positions. Sources and receivers were considered to be

omnidirectional for the purposes of this study. This model has been used in previous studies [7, 8, 9], though

the exact configuration of the main room and its materials has been changed from those studies.

Measurements were conducted with a miniature dodecahedral loudspeaker (Dr-Three 3D-032) as a sound source

driven by an amplifier (Samson Servo 120a) with several microphone receivers (DPA 4060). All were con-

nected to an audio interface (RME Fireface 800) configured at a sample rate of 192 kHz and controlled via

MATLAB 2018b. The exponential swept-sine technique was used to obtain the room impulse responses. Fre-
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Figure 1. (left) Schematic view of the coupled volume model. (center) Photo of the main room of the scale

model. (right) Definition of acoustical parameters adapted to double-slope energy decay curves.

quencies spanned 200 Hz to 60 kHz, covering the octave band of interest centered on 1 kHz at full scale.

2.3 Analysis and quantification
Several quantifiers and methods have been proposed to described non-exponential decays [10]. The quantifica-

tion method used in this study to analyze decay curves derived from Schroeder’s backwards integration method,

obtained in the measurements and in the simulations, is called the Marching Line [7]. It is based on a direct

comparison between the decay curve and linear regressions. It provides the number of slopes with equivalent

decay rates, and the time & level of bending points between two consecutive slopes. To describe such a decay

curve with two slopes, the employed parameters are the equivalent reverberation times DT1 and DT2 of the first

and second slope, respectively, and the coordinates of the bending point in time BPt and level BPL (see Fig. 1).

2.4 Entries
Solicitations for participants in this study was done via requests over email to a number of persons involved in

the research, development, or use of room acoustics simulations. They were provided with all the geometrical

data needed for the construction of the 3D model, as well as the instructions concerning the calibration pro-

cedure based on the uncoupled acoustic parameters. In total, there were 11 different entries using 10 different

numerical methods with 3 wave-based methods, and 7 geometrical acoustic implementations. A short description

of the programs used, mostly provided by participants, and their parameters are presented in arbitrary order.

I-Simpa: Version 1.3.4 is an open-source graphical user interface developed to host three-dimensional numerical

codes for the modeling of sound propagation in complex geometrical domains. The calculation code used was

SPPS (from French “Simulation de la Propagation de Particules Sonores"), version 2.2.1, based on a particle-

tracing method [11]. The radius of the receivers was set to 10 cm, 50 million particles were used for each

source and were collected using time slots of 20 ms.1

Wave-based: Two academic participants used CE-FDTD methods with different schemes. One used an im-

plementation of the 3D standard rectilinear scheme, known as standard leapfrog scheme (SLF) [12] while the

other used the interpolated wideband (IWB) scheme [13]. The SLF scheme used a c =344 ms−1, fs =18933 Hz,

a spatial grid of 31.5 mm and Δt =52.82 μs. The IWB scheme used c =340 ms−1, spatial grid of 8.5 mm,

and Δt =23.75 μs. The room surface boundaries were assigned to be locally reacting and the impedance is

frequency-independent in both implementations. A third entry used a software developed at the University of

Edinburgh based on the hybrid FDTD/FVTD method described in [14].

RAMSETE: Version 3.02 uses a Pyramid Tracing algorithm capable of solving the sound propagation problems

in large enclosures or outdoors [15]. The method employed was pyramid tracing with surface scattering and

edge diffraction up to the second order. Discrete paths were saved up to fourth order. The number of pyramidal

1The resulting data were echograms, not impulse responses. In consequence, no 1 kHz-octave band filter was applied.
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beams launched by each source was 32768 and the energetic impulse responses were computed with a resolution

of 1 ms.

CATT-Acoustic: TUCT v2.0e:1.01 algorithm 1 [16] was used. Ray split-up between diffuse and specular reflec-

tions are performed randomly with a probability determined by the scattering coefficient (max split-order= 0).

Calibration of the main room used 716486 rays, the reverberation chamber 638082 rays, for each source. The

coupled configuration used 2000000 rays with auto-edge scattering applied on the aperture edge planes.

ODEON: Simulations were performed using ODEON Combined version 15.13 [17]. The calculation model is

hybrid, using image source method plus radiosity for early reflections and ray tracing plus radiosity for late

reflections. Reflections of first and second order were treated as early reflections. A total of 16000 rays were

used for late reflections for each source. Ray tracing was made using the method of reflection based scattering.

RAVEN: The Room Acoustics for Virtual ENvironnements software, developed at RTWH Aachen University

[18, 19], uses a hybrid algorithm that combines Image Source Method for the direct sound and early reflections

with ray-tracing for the late reverberation, with ray tracing calculating an energy decay histogram based on

specular reflections of order ≥ 3, diffuse reflections for order ≥ 1, and diffuse energy based on the diffuse

rain model. One participant used the 2018.v2 version with 500000 rays for the calibration of the absorption

coefficients and 1000000 rays for the coupled rooms simulations. A second entry used 2019.v1 version with

500000 rays for all simulations. They both used image sources for specular reflections up to the second order

and ray-tracing parameters set to 1 m for the radius of the detection sphere with time slots of 10 ms.

Path tracing: One entry employed a geometrical acoustics simulation method based on unidirectional path

tracing from the receiver position with next event estimation, a computer graphics method of rendering images

of three-dimensional scenes, also termed “diffuse rain" in acoustics [18]. Materials are described by a glossy

Phong reflectance model that is controlled by the scattering coefficient. Energy decay histograms are computed

for each band at full sample rate, converted to pressure envelopes, then the per-band pressure envelopes are

multiplied by filtered white noise and summed to compute the pressure IR.

SoundPLANnoise: Version 8.2 using the Sound Particle Diffraction method [20] was used. It incorporates

specular and diffuse reflections, transmission, room scattering, and geometrical diffraction. Diffuse reflections

are modeled according to the Lambert cosine law and diffraction is performed according to the uncertainty-

based diffraction theory [21], which allows for arbitrary diffraction orders. The energetic impulse responses

were computed with a resolution of 1 ms.2

The main room has a large surface area of diffusing materials (characteristic roughness depth of 6 cm at full

scale, while the second room has smooth walls. For the 1 kHz band, scattering coefficients of 20 % and 10 %

were suggested for the two rooms respectively. However, due to differences in implementations of such param-

eters, this was not a controlled parameter. For example, in the wave-based methods, one participant modelled

wall roughness directly with a diffuser design.

Participants were asked to submit simulated room impulse responses in audio WAV format in order to apply

the same routine for acoustical parameter calculations and thus avoid introducing another source of divergence

from different implementations [22]. In the following results section, entries have been randomly assigned

identification letters from A to K, to ensure anonymity.

3 RESULTS
3.1 Calibration of numerical models
In order to avoid issues regarding different implementations of absorption and impedance conditions across nu-

merical methods, the reverberation time in each room was prescribed according to scale model measurements

in the uncoupled configuration. For simplicity, participants were instructed to adjust material properties of walls

uniformly for each room (i.e. all walls of each volume have the same material definitions) to match the pre-

scribed reverberation times. Measurements and simulations were carried out for 2 source and 2 receiver posi-

2The resulting data were echograms, not impulse responses. In consequence, no 1 kHz-octave band filter was applied.
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tions in the reverberation chamber and 2 source and 4 receiver positions in the main room. Measured impulse

responses were numerically compensated for scaled air attenuation in the scale model. Prescribed average T30

in the main room and the reverberation chamber was 1.26±0.064 s and 4.52±0.065 s, respectively.

Figure 2 shows the reverberation times T30 for each source-receiver pair calculated from measured and simulated

RIRs. For both rooms, the highest relative difference is 11 %. Overall, the calibration procedure was respected.

The variances of the results from the simulations was lower than the measurements except for entry J in the

reverberation chamber. The participants had the choice to only use half of the source-receiver positions due to

computation time, only done by entry K. These variances in the calibration stage exceeded expected differences

resulting from T30 calculations from RIRs, which were on the order of 3 % to 5 % [22], and would be expected

to be even less for noise-free RIRs. The source of these discrepancies remains to be investigated.

3.2 Measured coupled system
A comparison between the physical scale model and the idealized statistical model is provided. Table 1 shows

the coupled volume acoustic parameters acquired via scale model measurements and those using the statistical

energy balance model. As the statistical model assumes homogeneous material distribution and does not take

into account positions of the source or receivers [9], some differences are to be expected.

The decay rates DT1 and DT2 are in well agreement with relative differences of 8 % and 7 %, respectively. The

most notable difference between the statistical model and the physical model concerns the bending point. The

statistical model predicts a transition occurring later and lower in level than was measured with ΔBPt=0.2 s and

ΔBPL=7 dB, taking into account the margin of the standard deviation.
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Figure 2. Reverberation times T30 from measured and simulated impulse responses for the two room in the

uncoupled configuration: (a) main room and (b) reverberation chamber. Individual S-R pair data points are

shown, including 95 % confidence intervals (red) and 1 Standard deviation (blue).

Table 1. Acoustical parameters for measurements in the scale model and the calibrated analytical model. Aver-

age values across the 8 source-receiver pairs with standard deviation.

Parameters DT1 (s) DT2 (s) BPt (s) BPL (dB)

Scale model 1.39 ± 0.16 3.46 ± 0.09 0.48 ± 0.04 -22.6 ± 1.3

Statistical model 1.29 3.71 0.73 -30.8
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Figure 3. Statistical and simulated energy decay curves of the coupled configuration for the 1 kHz-octave band

for S1-R3 position. Results are split across 2 figures to improve readability.

3.3 Simulated coupled system
An example of the energy decay curves obtained from the measured and simulated room impulse responses for

one source-receiver pair in the octave band of interest is presented in Fig. 3. The double-slope decay behavior

expected for a coupled volume system is clearly visible for all entries and, based on visual impression, they

seem to be in general agreement with the statistical model’s EDC.

The results for all source-receiver pairs in the coupled volume configuration are summarized in Fig. 4. The

remarks made earlier in the comparison between the physical model and the statistical model still apply in this

case. Of primary interest are the decay rates of the different simulations, which approach those of the statistical

model. For the main volume, DT1 of entries A,C,D, I,J,K show good agreement with the statistical model,

while the remaining entries over estimated it. The scale results are slightly higher than the statistical model, but

not to the same degree. In almost perfect contrast, those performing well for DT1 significantly underestimated

DT2, while the remaining entries, except H, provided comparable values to the statistical model.

Regarding the bending point, those methods correctly modelling DT2 also matched the statistical model of

BPt, while the remaining entries result tend more towards the results of the scale model. Regarding BPL, all

methods overestimated with respect to the statistical model, with the same group A,C,D, I,J,K resembling more

the results of the scale model.

The differences present for the uncoupled calibration phase are found in the coupled decay times as a general

trend, but it is noted that entries with the highest calibration differences did not have the most extreme parameter

predictions, e.g. entry I. In addition, entry H appears to have a significantly stronger direct sound component

(see Fig. 3) which accounts for it being a relative outlier for BPL.

Regarding trends across similar methods, while maintaining anonymity, it can be said that Wave-based methods

were relatively consistent with respect to double-slope parameter results. The commonalities of the remaining

methods makes it difficult to separate them further in any attempt to explain the observed data groupings.

Variances for parameter DT1 are smaller than observed for the measured data, except for entry J. For other

parameters, numerical simulations exhibit larger variances, except entries H and I; entries B and D have similar

variances compared to measurements. All entries simulated the 8 source-receiver pairs, except K that only used

source S1. Considering the same positions, this entry has a higher variance only for DT2.

4 CONCLUSION
This study presented a simplified test case to compare the ability of various numerical methods for room acous-

tic simulations to reproduce or predict classical coupled volume behavior. Contrary to a previous study in
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Figure 4. Comparison of resulting acoustical parameters from simulated RIRs. Individual S-R pairs are shown,

including 95 % confidence intervals (in red) and 1 Standard deviation (in blue). Black dashed lines represent

predicted values from the statistical model.

2013 [8], these results show that the tested methods are capable of representing coupled volume behavior, al-

though not all results are consistent with statistical theory or comparable to measurements. Comparisons of

methods shows the range of values (variance) across the 8 source-receive pairs varies significantly, potentially

highlighting issues regarding local variations being poorly represented for some methods.

Perceptual thresholds regarding double-slope decay parameters have been examined [23]. For a system of cou-

pled volumes with a configuration comparable to the one used in the present work, just noticeable differences

were around 10 % for DT1 and 20 % for DT2, BPt, and BPL. Overall, differences observed among simulations

exceeded these thresholds for at least one parameter compared with the statistical or the physical model.

We are now examining the feasibility of the next phase of this study, providing a more detailed geometrical

model with specific material properties determined though laboratory measurements. Such input data should

allow for direct comparisons of simulated results to the physical scale model, which is not appropriate in the

current study due to the simplifications in the model and homogeneous application of material properties.
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Abstract
This article presents new numerical simulation tools, respectively developed in the Matlab and Blender environ-
ments. Available in open-source under the GPL 3.0 license, it uses a ray-tracing/image-sources hybrid method
to calculate the room acoustics for large meshes. Performances are optimized to solve problems of significant
sizes (typically more than 100,000 surface elements and about a million of rays). For this purpose, a Divide
and Conquer approach with a recursive binary tree structure has been implemented to reduce the quadratic com-
plexity of the computation of ray/element interactions to near-linear. Thus, execution times are less sensitive
to the mesh density, which allows simulations of complex geometries. After ray propagation, a hybrid method
leads to image-sources, which can be visually analyzed to localize sound map. Finally, impulse responses are
constructed from the image-sources and FIR filters are proposed natively over 8 octave bands, taking into ac-
count material absorption properties and propagation medium. This algorithm is validated by comparisons with
theoretical test cases. Furthermore, an example on a quite complex case, namely the ancient theater of Orange
is presented.
Keywords: Room acoustics, ray-tracing, fast methods, open-source

1 INTRODUCTION
Today, digital technologies allow research to explore previously inaccessible areas, as virtual reality for archae-
ology. In this domain, many works focus on the visual restitution, but acoustic studies can reinforce researches
to improve the understanding of the ancient world. For example, during the Roman Empire, architects have
designed buildings using acoustic rules [3]. In this study, we focus on the ancient theater of Orange which has
a significant size (100m wide), a complex geometry (ornaments, bleachers, columns, arches, etc.) and which is
open-air. In a previous work, a complete mesh was designed using Blender CAD software [12]. To be repre-
sentative, this mesh, shown in the figure 1, possesses 436 000 elements (triangular faces) and is accurate with
respect to the actual archeological knowledge [5]. As the mesh size makes difficult the use of precise methods
(FEM, BEM, etc.), ray-tracing approximation was performed, in order to compute fastly the full-band room im-
pulse response (50 to 15000Hz). Under this assumption, open-source platforms were developed following two
steps. We first build a prototype using Gypsilab, an open source MATLAB library for fast prototyping [1]. This
preliminary work was useful to construct and validate ideas and algorithms. It leads to the creation of a new
toolbox, openRay, now appended to the master branch of Gypsilab and freely downloadable [14]. In a second
step, all algorithms were retranscrypted in C++ using Qt Creator, leading to an autonomous tool Just4RIR. A
python interface was added, in order to use this library as a Blender plug’in [15]. At the end, this plug’in
allows archeologists to only work on Blender, modifying easily meshes and materials, run acoustic simulation
and visualize results.
After reminders on acoustical energy propagation represented by ray-tracing, this paper gives implementation
details of the method that was used to obtain a fast computation for large meshes. At the end, application on a
virtual model of the ancient theater of Orange is performed.
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Figure 1. Left : Mesh of restituted theater of Orange modelized on Blender (436 000 triangles). Right :
Representation of a r-radius measurement sphere centered in xm, receiving energy from a sound source in xs.

2 ACOUSTICAL ENERGY MODELIZATION
2.1 Continuous domain equation
Considering a sound source as a point source centered in R3 [6] and neglecting the losses due to the propagation
medium, the normalized acoustical energy E is given by:

E =
∫

Sd

I ·ds = 1, (1)

where Sd is a centered d-radius sphere and I the acoustical intensity, such as:

I =
d

4πd3 . (2)

The energy obtained by integration on a portion σd of Sd satisfies:

Eσ =
∫

σd

d ·n
4πd3 ds =

Ω

4π
(3)

where Ω define a solid angle, characterizing a flow through the oriented surfaces σd . Thus, Eσ is constant for
all radius d and corresponds to a portion of the total energy E. Finally, subdividing S in N portions σi, E can
be decomposed as a sum of elementary energies:

E =
N

∑
i=1

Eσi =
1

4π

N

∑
i=1

(∫
σi

d ·n
d3 ds

)
=

1
4π

N

∑
i=1

Ωi. (4)

2.2 Discrete model
To numerically represent the energy propagation of an omnidirectional sound source located in xs, we have to
build a solid angle basis (Ωi)i∈[1,N] in equation (4). For this purpose, we introduce rays objects with:

• Source coordinates xi, with xi = xs ∀i ∈ [1,N],

• Unitary direction ui, with an uniform sampling on the unitary sphere (e.g. [8]),

• Energy carried Ei, with Ei =
4π

N ∀i ∈ [1,N]. 1

1For directional sources, energies can be function of the direction.
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As the acoustic source is discretized, we have to define a discrete measure of energy propagation. To this end,
we consider a r-radius measurement sphere S(xm,r), centered on xm (fig. 1). We can then add the contributions
of a n-ray beam that intersects this sphere to calculate the acoustic energy Em at the point xm. In the particular
case of an omnidirectionnal source, we have:

Em ≈
1

4π

n

∑
i=1

Ωi ≈
n
N
, (5)

which means that the measured energy Em is statistically and naturally represented by the ratio between the
number of rays forming a beam to the total number of rays. Furthermore, considering Ωm the solid angle of
the measurement sphere in figure 1:

Ωm = 2π(1− cosα) = 2π

(
1−
√

1− r2

d2

)
, (6)

we observe for r� d that:

Ωm ≈ π
r2

d2 ⇒ Em ≈
n
N
≈ πr2

4πd2 . (7)

For far measurements, approximation (7) expresses that Em is well approximated by the ratio of the areas of
the r-radius disk to the d-radius sphere. Otherwise, to ensure the existence of this last approximation, beams
formed by n rays has to be measurable and count at least one ray (n≥ 1). This assumption is crucial to ensure
the validity of the concept. Thus, fixing a measurement radius r, approximation (7) gives a maximum range of
the discrete model:

d ≤ r
2

√
N
n
. (8)

In addition, figure 2 shows how this statistic modelization represent the distance between source and measures.
The accuracy of the measurement depends strongly on the number of rays counted, then, the more n increases,
the more accurate will be the measurement. Nevertheless, in practice, values for a short distance between the
source and the measurement sphere represent direct sound and first reflections, whereas long distances describe
the diffuse field. Under this assumption, we can consider this model acceptable for all beam such as n≥ 1.

2.3 Presence of an obstacle
For the case of acoustic propagation in the presence of an obstacle, we choose to consider only specular reflec-
tions (Snell-Descartes laws). Indeed, this approximation is suitable when surfaces are larges in comparison to
wavelengths and diffraction effects can be neglected [6]. For a room, this condition is reached if:

ka� 1, (9)

with k the wave number and a the characteristic diameter of the room [9]. This approach is currently used
by room acoustic softwares (e.g. Odeon [16], Grasshopper [13], etc.) regarding to audible frequency range
(62,5 to 15000Hz). In particular, for the case of the theater of Orange considered in this paper which has a
characteristical diameter of about 50 meters, fixing sound celerity to 340 m/s, the high frequency approximation
is valid for f � 1 Hz.
When an incident ray intersects a flat surface, a reflected ray is generated from the collision point. Noting ui
the direction vector of the incident ray, the reflected direction vector ur is defined by:

ur = (ui ·T)T− (ui ·n)n, (10)

with T the tangent basis and n the normal vector to the surface. Moreover, we modify the energy of the
reflected ray by:

Er( f ) = Ei( f )(1−α( f )), (11)

6061



Figure 2. Left : Measured energy (dB) in function of distance between xs and xm, for r = 0.36 meter and
N = 106 rays. Blue crosses stand for the statistical measure f (r) = n(r)

N and red line the analytic function

f (r) = πr2

4πd2 . Right : Sketch of the creation of an image-source by successive reflections of rays on the walls
of a room.

with α( f ) the absorption coefficient of the surface that depends on of the frequency f . In practice, the absorp-
tion coefficients are often given per octave bands and can be found in various databases. Both Gypsilab and
Just4RIR use the open access Odeon database [16] defined on eight octave bands.
Finally, considering wall absorption, energy measured statistically (eq. 7) is extended by:

Em( f )≈ n
N
(1−α( f )), (12)

that we generalize to the case of m reflexions:

Em( f )≈ n
N

m

∏
j=1

(1−α j( f )). (13)

2.4 Image-sources
Although the generalized formulation (13) may be sufficient to generate room acoustic data, we also construct
images-sources from the path of rays. To this end, when rays intersect the measurement sphere and following
the reverse return principle, they are retro-propagated along the last direction vector. Thus, rays focus on
punctual images-sources (fig. 2). Each image-source is then located relatively to the listener and carries an
energy according to formulation (13).
By noting (xs)s∈[1,Ns] the relative position of the Ns image-sources and (Es)s∈[1,Ns] the associated energy, couples
(xs;Es( f ))s∈[1,Ns] contain all useful informations for room acoustic analysis and auralization. First of all, relative
distance of each image-source (ds)s∈[1,Ns] can be computed. These distances are also used to take into account
the air absorption, by modifying equation (13) into:

Es( f )≈ n
N

e−β ( f )ds
m

∏
j=1

(1−α j( f )), (14)

with β ( f ) a frequency dependent absorbing coefficient [11]. Furthermore, fixing the sound celerity c, room
impulse response can be generated, converting each distance ds in time of arrival. Paying attention to the
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fact that the energy is proportional to the square of the pressure, the finite impulse response can be generated
and analyzed using standard metrics (e.g. T30, C80, D50, etc.). For auralization, this room impulse response
is convolved with an audio signal in order to listen the acoustical rendering. In particular, this convolution
can involve relative position of predominant images sources, in order to realize a spatialized auralization with
multichannel or binaural renderers. Finally, to complete acoustic studies with visual analysis, images sources
can be projected on the room used for computation in order to see where are located listened reflections (see
last impact on figure 2).

3 IMPLEMENTATION
3.1 Standard algorithm
As common principles are introduced, we focus now on the numerical implementation of an acoustic renderer
by ray-tracing. Before any acoustic computation, a numerical room has to be modelized with surfaces and
materials. In our case, we use the classical representation with a mesh composed of flat triangles.
Using a discrete source point to initalize rays, geometrical intersections are computed between rays (L) and
mesh elements (P) using parametric equations:

(L) : a+δu, δ ∈ R, (15)
(P) : b+λv+µw, λ ,µ ∈ R. (16)

Considering v and w driven by two edges of each triangle, the following conditions give pairs (rays;elements)
with uniqueness:

• (0≤ λ ≤ 1), (0≤ µ ≤ 1) and (λ +µ ≤ 1) to ensure that the intersection is inside the triangle,

• δ > 0 to respect the propagation direction,

• δ minimum not to go through the whole mesh.

Practically, to find these pairs, we can solve directly the underlying linear system or use the Moller-Trumber
algorithm [7]. For N rays and M triangular elements, this process has a quadratic numerical cost (proportional
to NM), which is critical if both N and M are large (see section 3.2).
Then, once all pairs are found, discrete measure has to be done in order to build images-sources (see section
2.4). To this end, the rays are intersected to the measurement sphere S(xm,r), which leads to a linear numerical
cost proportional to N.
Finally, a ray is reflected according to equation (10) and propagated while its travelled distance verify condition
(8). This iterative strategy ensure the energy propagation by the elimination of all rays that would be in non
measurable beams. In the particular case of an open-air room, rays which don’t intersect any surface of the
mesh are also eliminated. Once all rays are eliminated, images-sources can be built and post-treated (room
impulse response, auralization, etc.).

3.2 Tree-base acceleration
As we have seen, the most critical stage of the standard algorithm is the research of intersections between
rays and triangular elements, leading a priori to a quadratic complexity O(NM). Indeed, each ray has to be
tested with each face, for each iteration of the ray-tracing algorithm. For a large number of mesh elements and
rays which are needed to ensure reasonable accuracy (e.g. M > 105 and N > 106 for the Orange theater), the
calculation time may be prohibitive. To solve this problem, a "Divide and Conquer" approach using a binary
tree is performed.
The general principle consists in creating a mother-box, containing all the mesh elements. This mother-box is
then subdivided along the largest dimension to create two daughter-boxes, each one possesing the same number
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Figure 3. Left : Computation time for one iteration of ray-tracing in function of the number of face and rays,
such as N =M (log scale). An omnidirectional source is located at the center of a mesh of a unitary tetrahedral.
Right : All images-sources projected on the mesh (up to RT60).

of elements (median spatial subdivision). This process is then applied recursively, until a stopping criterion is
reached. In our case, we stop when the leaves contain only one element. This hierarchical tree is completely
mesh dependent, computed in O(M logM) operations, and gives a structure which permits to quickly navigate
inside the mesh.
Then, we initialize the ray sorting process starting from the mother-box, containing all rays and elements.
Using the first tree-subdivision, we distribute rays inside the two daughter-boxes. This stage is done in O(N)
operations by the algorithm proposed by W. Amy et al. [10]. Indeed, each box has N1 and N2 rays, such as
N = N1 +N2. Assuming this subdivision is performed recursively to the level p, the ith box contains (Ni) rays
with:

N =
2p

∑
i=1

Ni. (17)

Then, ray sorting at the (p+ 1)-level also conducts to O(N) operations. To reach the level of the leaves, we
have to perform O(N logM) operations, where logM is close to the depth of the binary tree. At the end, as
we have only one element per box, the ray-element intersection only needs O(N) operations. Finally, instead of
O(NM) operations, we compute all the intersections in:

O(M logM)+O(N logM)+O(N), (18)

which operations is a near-linear complexity. Moreover, if the binary tree is precomputed, each iteration of the
ray-tracing algorithm becomes:

O(N logM)+O(N). (19)

To evaluate numerically complexities with or without binary tree acceleration, we measure the computation time
of one iteration by increasing the number of rays and the number of faces in the mesh (N = M). As we can see
in figure 3, the complexity of the algorithm is therefore quasi linear by using tree-based method. This allows to
treat large meshes with millions of rays, by keeping a reasonable computation time on a standard laptop (single
core at 2.7 GHz and 8 Go ram).

4 APPLICATION TO ORANGE THEATER
In this paper, we focus only on the Orange Theater acoustics by ray-tracing. However, to evaluate and validate
methods and algorithms, several non-regression tests have been detailled in R. Gueguen’s PhD manuscript [5],
associated to open-source implementation on Gypsilab [14] and just4rir [15] websites.
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Figure 4. Impulse response in dB (early reflections, up to RT20).

First of all, a restituted version of the Orange theater has been realized on the software Blender (fig. 1),
according to the archeological surveys performed by l’Institut de Recherche sur l’Architecture Antique [2]. As
this mesh just needs to fill the geometry, there is no need of Delaunay properties, but the architecture complexity
however leads to a triangulation with 436 000 faces. In particular, this virtual resitution is mainly composed
by the Postscaenium (stage wall) partially ornamented with two basilicas on either side, the Pulpitum (stage),
the Orchestra, the Cavea (bleachers) with Porticus at the top (column gallery) and various covers (stage roof,
velum, etc.).
Several materials are assigned to each part of the theater, in order to define specific absorption coefficients
taken from Odeon database [16]. The ray-tracing solver is then used to compute the spatial impulse response.
To reach the reverberation time close to -60dB (RT60), we fix one million rays and a 2m-radius measurement
sphere. An omnidirectional source is located at the front stage, 1.60 m above the floor (this correspond to the
position of the mouth of an average actor). The listener is on the same axis, in the bleachers.
The full ray-tracing propagation was done in few minutes on a standard laptop (2.7 GHz core and 8 Go ram).
At the end, all sources-images projections are generated (fig. 3), illustrating a spatial diffusion of the sound
source. Indeed, as some areas carry a lot of images-sources, reflections seem to surround the listener. More
precisely, on figure 4, we see the early reflections of the multi-band echogramm of the theater (until RT20). We
can notice a high contribution of the orchestra, the wall-stage, the stage and the roof, as F. Canac demonstrated
in the 60’ [4].
To go further, many others results are available in R. Gueguen’s PhD manuscript [5]. All results correspond
to a room adapted for musical playback, more than a speech transmission. These results are confirmed by an
equivalent simulation in the Odeon software (commercial license), using the same mesh and parameters.

5 CONCLUSION
In this paper, a full-chain engineering process is given, leading by an acoustical study of an imposing ancient
monument. From archaeological needs, a fine mesh of the monument was constructed, associated to a complete
room acoustic application suite, both for MATLAB and Blender. The high complexity provided by this type
of architecture and its ornaments leads to approximate calculation methods. Indeed, by only simulating spec-
ular reflections and wall absorption, energy propagation and measurement can be simulated by beams, carried
by ray-tracing. From this representation basis, it is possible to generate a multi-band impulse response, while
respecting the laws of high-frequency acoustics. Moreover, a fast algorithm with a near-linear complexity has
been implemented, allowing users to quickly evaluate architectural assumptions, modifying their meshes regard-
less of the number of elements. At the end, various post-treatments have been added, as the Room Impulse
Response generation, the source-image visualization, the classical perceptive factors and an auralization process.
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Even if current versions of proposed softwares (Gypsilab [14] and Just4RIR [15]) are complete enough to be
used for various studies, there are many possibilities of improvement. First of all, as image-source positions
are known, a spatial audio renderer could be added to improve current auralization tool (e.g. binaural or multi-
channel, eventually with trackers). Secondly, as virtual reality is becoming more and more important in today’s
applications, we could consider moving the listener in real time and thus, allow a complete virtual tour of the
building. Finally, as ray-tracing modelization is an high-frequency approximation of waves phenomena, diffrac-
tion effects should be added in order to get a better fit with the physical phenomena.
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ABSTRACT 

One of the major identified acoustic problems in large halls such as atria or shopping malls is continuous 

unpleasant background noise, based on typically long reverberation of sound. Levels of background noise 

caused by internal sound sources depend on activity performed in the place on one hand and on room acoustic 

conditions on the other hand. Present noise can be measured relatively easily, by means of sound level meters 

and evaluated through statistical noise analysis, expressed e.g. by histogram of noise levels. However, the 

prediction of statistical noise levels, such as L95, L90 or even Leq, in rooms is very difficult, as it doesn’t 

depend only on the overall sound power spectrum of sound source (typical sound source definition in 

ray-based algorithms), but also on the time varying character of sound. Function and thus activity performed 

in an atrium plays therefore an important role in terms of acoustic comfort analysis and without the 

information on time variation in source signal, parameters such as L90 or L5 cannot be successfully predicted.   

In this paper several typical signal sounds (such as human steps, speech, music, ventilation etc.) are 

synthesized and auralized in Odeon software and assessed in parametric study of an atrium, followed by 

statistical analysis of predicted auralized wave files. Correlation between the activity and room acoustic 

parameters is calculated and estimation of background noise levels L99 is shown together with equivalent 

sound pressure level LA,eq. 

 

Keywords: Room acoustics, background noise, statistical noise levels, large halls 

  

1. INTRODUCTION 

Acoustic comfort in large halls, where many people gather, is rather complex issue which depends 

on several objective and subjective factors. The challenge is to find correlation between the two in 

order to propose a suitable acoustic prediction parameter and to summarize the knowledge into 

guidelines that would help architects in their design. In spite of many already existing acoustic 

parameters, an adequate acoustic comfort descriptor does not exist yet. Many questions typically arrise 

in renovation projects of historical atria that belong to national or regional monuments (1,2). 

Common practice in preparation of guidelines for room acoustics is stereotypically based on 

reverberation time measurement, calculation or simulation. The reverberation time is a good measure 

in the assessment of classrooms, auditoria or aulas, thanks to their high correlation with the Speech 

transmission index (STI) and the Clarity (C50) of the space, which takes into account the ratio between 

early and late reflections of sound) and thus the speech intelligibility. Combined with the other 

parameters that can be found in ISO 3382, the value of the reverberation time, gives an adequate 

description of the acoustics, suitable for designing concert halls, operas or theatres (3). However, when 

it comes to functional places, often high or continous background noise levels are identified as a 

problem as these can be influenced not only by global reverberation time, but also by the shape o f the 

room and the distribution of sound absorption over the interior surfaces . 

                                                        
1 richard.simek@stuba.sk; vojtech.chmelik@stuba.sk; jarmila.husenicova@stuba.sk;  
2 monika.rychtarikova@kuleuven.be; 
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Furthermore, unpleasant acoustic situations are not always associated with extremely high noise 

levels. Sound reflections in rooms with large volumes arrive from surrounding surfaces from relatively 

far distances are not strong enough to significantly increase the maximal noise levels directly. 

However, due to Lombard effect (4), reflections increase noise levels indirectly as shown in (5). As a 

matter of fact, typically reported problems are pointing at the presence of continuously present 

background sound (6,7).
 

This article is therefore based on a paramteric study that shows, how do the statistical noise levels 

such as L90, L95 and L99 change with different activity, volume and sound absorbing properties of 

interior surfaces. 

2. DESCRIPTION OF THE CASE STUDY 

2.1 Description of the atrium 

For this study the atrium of the manor house in the village of Halič has been taken as a starting point. 

Given atrium has been built in a Baroque style. It has been originally an opened exterior space, with 

grassy vegetation and stone walkways on the ground. In 2016, the purpose of the space was changed 

and atrium was covered by glassed roof and the grass on the ground was replaced by marble stones. 

Doing so, an interior space was created, suitable for hotel dining room and transition space. 

 

 
Figure 1. Left picture (Variant A): original atrium before renovation; middle picture (Variant B): renovated 

atrium covered by ETFE foils; right picture (Variant C): atrium after renovation covered by glass. 

 

First, the impact of renovation (glass roof and hard floor) is investigated, on the known acoustic 

parameters (such as reverberation time, sound pressure level distrubution and clarity of sound) 

predicted by means of simulation model in Odeon software. Later, third alternative was created in 

which ETFE is used as roof material instead of glass and porous plaster is placed on the walls, and was 

compared with the first two cases (Figure 1). However, the main scope of this paper concerns the 

acoustic comfort issues under different boundary conditions such as volume and sound absorption 

properties of interior surfaces. 

2.2 Description of the parametric study 

In order to investigate the acoustic comfort issues in large rooms vs small rooms, a parametric study 

was performed that consisted of 3 different volumes and 3 different sound absorbing properties of 

interior surfaces, and thus 9 different alternatives. The volume 1, corresponds to the original atrium, 

the second volume is modeled with doubled dimensions in comparison with the original atrium and so 

8x larger volume and 4x larger area of interior surfaces. The volume 3 is modeled with half of the 

dimensions of the original volume, e.g. 8x smaller volume and 4x smaller area of interior surfaces. All 

simulated cases are sumamrized in the Table 1. 

 

Table 1 – Summary of simulated variants 

Volume (m
3
) Variant A (original) Variant B (ETFE) Variant C (glass) 

8767  Alt.1A Alt.1B Alt.1C 

70100 Alt.2A Alt.2B Alt.2C 

1097 Alt.3A Alt.3B Alt.3C 

The three variants (A, B and C) have different sound absorbing properties of interior surfaces. 

Variant A represents the situation before renovation, it is without roof and contains grass on the ground 

and stone walkways. Variant B contains roof made out of ETFE foil roof system, slightly porous 
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plaster on the wall surfaces and marble floor. In the variant C, glass roof, marble floor and painted 

plaster is presumed. 

3. DESCRIPTION OF EXPERIMENTS 

The two main experiments (based on Odeon simulations) were performed for the 9 given cases 

(alternatives). The 3D simulation model is shown in the Figure 3.  

Experiment 1, was performed for one sound source and 20 recivers on a grid with dimensions 3x3m, 

across the atrium part. It was done to have a detailed information about the sound presure level 

distribution G(dB) in each alternative. Position of sound source and receivers in three different 

volumes is shown in the Figure 4. 

In the experiment 2, one receiver position was chosen together with a set of sound sources 

simulating walking person, through the middle part of atrium in two different speeds. Sound sources 

simulated positions of impact sound sources (discrete steps of person, later synthethised into continous 

walking sound). Distribution position between the receiver and sources was the same in all variants. 

(Figure 5) 

3.1 Simulation models 

 Simulation model for this experiment was prepared in Google Sketchup software and simplified 

for the needs of the Odeon acoustic model to include only surfaces coming into contact with acoustic 

waves represented by rays in simulation software. Software used to simulate room acoustics is based 

on a hybrid calculation method. This method combines the use of image source method for early sound 

reflections, and a special raytracing method with advanced scattering algorithm for simulations of 

higher order reflections (8). 

 
Figure 3. Simulation model 3D perspecive view   

 

 

 
Figure 4. Topview of the 3 atria (Vol.1,2 and 3) with indication of the position of the omnidirectional point 

sound source (black triangle) and distribution of receivers (blue dots), in Experiment 1. 
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Figure 5. Topview of the 3 atria (Vol.1, 2 and 3) with indication of the position of the receiver (blue dot) and 

sound sources (steps), indicated on red line, in Experiment 2 

4. RESULTS AND ANALYSIS 

4.1 Experiment 1 

Results of the reverberation time and mean sound absorption coefficient  (-) is shown in the Figure 

6. Figure 6 – left shows large differences between different alternatives caused by differnces in volume 

and absorption. In the Figure 6-right we can see the mean absorption alpha, calculated as weighted 

average. In theory, the mean alpha should be the same for each variant (A, B or C) because it is 

independent on volume, except of high frequencies where the air sound absorption contributes to 

reverberation time. These trends can be observed. 

Reverberation time is clearly longest in large room with least absorption and the shortest 

reverberation time is observed logically in the small volume (Vol.3) in situation without roof. It can be 

also observed that within one volume the reverberation time at 4000 Hz is almost the same, e.g. at high 

frequencies the influence of volume was larger than actual mean  (-) of interior surfaces. 

 

 
 

Figure 6 Sumary of average T30 over the all simulated impulse responses and mean sound absorption 

coefficient  (-) of interior surfaces for all of simulated variants. NOTE 1* The colours represent the 

absorptive properties of surfaces. Blue is used to show the orginal situations before renovation, without roof; 

in green are alternatives with ETFE foils and porous plaster; and the red colour represents variants with 

glassed roof and painted plaster. Volume 1 (current room volume) is shown in full line; dashed line represents 

cases with Volume 2 (big volume); and the dotted line is showning results for small volume 3. 

 

 

Another important parameter in general room acoustics is the sound pressure level distribution over 
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the room case. In this paper we show the results through a parameter sound strength G (dB) for two 

octave bands, 125 Hz and 1000 Hz (Figure 7). The most noisy rooms according to the predicted sound 

level should be small room (Vol.3) with roof, where the glazing + painted plaster is ca 5 dB louder in 

comparison with ETFE situation and porous plaster. The density of reflection plays here a strong role. 

Interestingly, sound levels in small room without roof (at the distance of 14m from the sound source) 

are less “noisy” than Sound levels in Volume 1 (original volume) when roof is present. The lowest 

sound pressure level is observed in large volume (Vol.2), where in Alt.2A (situation without roof)  is 

almost following the free field theory. The large dimensions of the atrium don’t bring significant 

contribution to the sound strength G increase at further distances. 

 

 
 

Figure 7. Graphical representation of the decrease of sound pressure level, expressed through the parameter 

sound strength G (dB) with increasing distance between omnidirectional sound source and receivers. Data 

are described as following: circles are showing data for Volume 1 (original volume), squares are used to show 

results of Volume 2 (big) and triangles represent the samal volume (Volume 3). The same logic of colours and 

line representation is used for trendlines as in the Figure 6 (see NOTE 1). 

 

 

4.2 Experiment 2 

Experiment 2 was conducted for sake of better understanding the acoustic comfort issues. Here we 

focuse on the research question: “How does the human steps in an atrium influence the overall 

equivalent sound pressure level (LA,eq) on one hand, and the quasi continous background noise caused 

by long reverberation defined (in our experiment) by statistical noise level parameter L99 on the other 

hand.”  

Simulations of person walking at the distance of ca 10m from the receiver was performed for 9 

alternatives (3 volume cases), shown in the Figure 5. Discrete steps were simulated and auralized at 

two different speeds as (quick and slow). The statistical noise analysis was performed on auralized 

samples. Results given in the Figure 8 are averaged values between the left and right ear. 

On a first sight some inconsistencies could be observed when comparing LA,eq with reverberation 

time and sound pressure level distribution, however this can be explained easily. Parameters LA,eq and 

LA,99 were calculated based on binaural auralized sound, whereas the T30 and G values were calculated 

from omnidirectional receiver. The binaural simulation in which the sound reflections are arriving 

from walls are for real listening person stronger than those from ground or ceiling, due to shadowing 

effects of head (defined by HRTF – Head related transfer function). Therefore, they might influence 

the final auralized results especially if the wall properties and distance of receiver differ from 
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alternative to alternative. 

 

 
Figure 8. Results LA,eq and L99 as calculated from auralized samples. 

 

5. CONCLUSIONS 

Based on the performed experiment 1 and 2 it can be concluded, that there might be difference 

between the objective assessment (according to the ISO 3382) using omnidirectional speaker and 

omnidirectional receiver, in comparison with finally binauraly simulated sounds. HRTF might have 

influence on accuracy of results once the comfort issues in rooms are adressed as they represent the 

listening person better. 

Sometimes the same backgroun noise levels are produced in rooms with different sizes and interior 

surfaces. The question arrises, wheter these would be judged by people as similar (in relation to nosie 

annoyance). 

In the proposal/development of a suitable paramter or criterion for acoustic comfort in atria, that 

whould express the comfort issues related to quasi continous background noise caused by internal 

sources (such as walking people), therefore requires suitable listening test. 
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Abstract
This talk discusses recent progress for the time-dependent simulation of sound emission and sound scattering
using boundary element methods. We particularly consider methods adapted to complex and singular geometries
or short impulses. Stable numerical formulations of the relevant equations are discussed, and they are exploited
to compute the sound reflection depending on the absorption and impedance. We discuss the performance of
our methods in applications such as tire noise.
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ABSTRACT 

Concave surfaces are known to focalize or diffuse sound depending on the curvature and the source position 

regarding the surface. Spherical rooms are frequently found as theoretical cases in the literature. In this work, 

results from models and measurements of the acoustics inside a 7-m-diameter gypsum sphere are compared. 

 

Keywords: concave surfaces, spherical rooms, architectural acoustics 

1. INTRODUCTION 

That concave surfaces are likely to focus sound energy is a well-known problem in room acoustics 

(1, 2, 3). Whisperings gallery is frequently presented as a theorical case (3).  

In this article the acoustics of a 360° cinema inside a gypsum truncated sphere is studied and a 

project for the acoustic conditioning is proposed. The study has two goals: giving support to theory and 

identifying acoustic conditioning needs. 

The 360° cinema was constructed at the same time the present study was being carried out. Thus, 

the main conditioning is not yet implemented, but acoustical measurements of the unconditioned 

cinema were taken in order to improve the proposals.  

Schemes of the cinema are shown in Figure 1 and Figure 2. Figure 1 shows an elevation cross 

section joint to three proposals of loudspeakers configuration. Figure 2 shows the floor plan joint to 

measurements points. 

 

Figure 1 – Scheme with directive loudspeakers from above 
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Figure 2 – Scheme with source S and measurements points R1, R2, and R3. 

 

2. PREDICTIONS 

The main method for predictions is the Kirchhoff integral applied to spherical surfaces as in 

Vercammen pp. 50 (2). 

𝑝(𝐴,𝜛) =
𝑝i𝑅

4𝜋
∫ ∫ sin 𝜃 (

1 + 𝑘𝑢

𝑢
cos𝜑 +

1 + 𝑗𝑘𝑠

𝑠
cos 𝛼)

𝑒−𝑗𝑘(𝑢+𝑠)

𝑠𝑢
d𝜃d𝜙

2𝜋

𝜙=0

𝜃𝑚

𝜃=𝜃𝑀

 (1) 

where p(A,ω): is the sound pressure at a receiver point A, for the angular frequency ω=2πf, linear 

frequency f, wave number k, 𝑝i is the source sound pressure measured at 1 m in free field, s is the surface 

differential distance to source, u is the surface differential distance to receiver, R is the surface 

differential distance to the center of the sphere, θ is the elevation angle of the surface differential, 𝜙 is 

the azimuth angle of the surface differential, α is the local angle from the receiver to the center of the 

sphere at surface differential, and φ is the local angle from the source to the center of the sphere at 

surface differential. 

In order to include all the first order reflections, the reflection in the floor was added using the 

image source method (3)  

𝑝f(𝐴,𝜛) = 𝑝i
𝑒𝑗𝜛

𝑑
𝑐⁄

𝑑
+ 𝑝(𝐴,𝜛) (2) 

where p is the sound pressure including all first order reflections,  

Equation (2) was implemented in a mathematical software to calculate the sound pressure. The 

surface was discretized in 100 steps of elevation and in 900 steps of azimuth. Receivers were modeled 

in two categories: surface receivers and punctual receivers.  

Surface receivers were located in a plane located 1.4 m above the floor. The surface was sampled 

using a squared grid of 40 cm side. For this category of receivers, the sound pressure was estimated 

with equation (2) at the center frequency of the 1/1 octave bands.  

Figure 3 shows the sound pressure due to first order reflections for the 125 Hz frequency. The figure 

shows the source position with a red truncated pyramid. The floor is the gray surface . Every 10 

elevation elements a black circle is shown. The blue pyramids are other loudspeakers. 

R2 

R1 

R3 

S 

0,5 

0,5 

2,7 

1,0 1,0 

N 

6075



 

 

 

Figure 3 – Sound pressure distribution. Surface receivers and one source located at 4 m high 

 

Punctual receivers were located at positions R1, R2 and R3 at 1.4 m high. These receivers were 

used to estimate the impulse response corresponding to one reflection in the concave surface. For this 

category of receivers, the sound pressure was estimated with equation (2) at 4 096 linearly spaced 

frequencies in the range from 0 Hz to 6 kHz. Then, using the inverse Fourier Transform, the impulse 

response was calculated.  

Figure 4 shows the impulse responses of the first order reflections calculated with this method.  

3. MEASUREMENTS 

In order to both validate the proposed model and carry out a diagnosis of the room a number of 

acoustical measurements were taken. For that purpose, the impulse responses were measured using 

both balloon bursts and sweeps. 

The source position S as well as the receivers’ positions R1, R2 and R3 are shown in Figure 2. The 

source was located at a height of 4 m and receivers were located at a height of 1.4 m. Three bursts were 

used for each receiver. 

Figure 5 shows the absolute value of one of the impulse responses for each receiver estimated from 

the sweeps eliminating the effect of the signal as in ISO 18233 (4). The impulse responses are limited 

up to about the octave frequency band of to 4 kHz (0 Hz to 6 kHz). Each row is scaled by the amplitude 

of the direct sound and time shifted by the time the direct sound requires to reach the corresponding 

receiver. 

Finally, using the balloon bursts, the reverberation time was estimated for each burst. The 

estimators are EDT, T10, T20, and T30 as defined in ISO 3382 (5). Figure 6 shows the average of the 

estimations for the 9 bursts corresponding to the 3 repetitions for each of the 3 receivers.  
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Figure 4 – Calculated impulse responses at punctual receivers located at R1, R2, and R3 

 

 

Figure 5 – Measured impulse responses for receivers at R1, R2, and R3. 
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Figure 6 – Reverberation time estimations. 

 

4. DISCUSSION 

This article shows an application of numerical calculation of reflected sound pressure due to 

concave surfaces models. The predicted results are in accordance with measurements and expected 

behavior for concave surfaces.  

The time of the calculated first order reflections is very similar to that of measured reflections. 

However, the amplitude is not exactly the same possibly due to directivity of loudspeakers or 

propagation of the discretization errors. In the measured impulse responses several additional 

reflections are present. These additional reflections are likely to appear due to higher order reflections.   

The focalization of sound energy shown in Figure 3 is one of the expected results. Differences of 

about 20 dB are present in the receiver surface. This effect was not measured with electronic 

equipment but was perceived aurally by the authors. 

A consequence of such a focalization is that the sound field is not diffuse. This conclusion can also 

be drawn by analyzing the reverberation time estimations in figure 6. In case of diffuse so und fields, 

the estimations of EDT, T10, T20 and T30 tend to be similar.  

Even the focalizations are relatively small problems compared with the main problem: perceivable 

echoes. These echoes can be distinguished from data shown in Figure 4 and Figure 5 as  those 

reflections comparable in amplitude to the direct sound and delayed about 20 ms or more. A change in 

the direction of arrival of the echoes was also perceived by the authors as they walked throw the room.  

The red line in Figure 1 shows the screen of the cinema. The intention of the commissioner is to 

avoid acoustics materials in the screen zone. With the model used in this work it is possible to evaluate 

several configurations such as those shown in Figure 1 affecting the coverage angle of loudspeakers or 

acoustic treatment in several surfaces. 
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Soundscape - from noise reduction to perception- based decisions 
for livable environments  

Brigitte Schulte-Fortkamp 

Technische Universität Berlin 

Germany 

ABSTRACT 

Soundscape is about serving the economy, community, and the environment to enhance the livability in urban 
areas particularly with regard to the acoustic environment. Soundscape analysis and application is a proven 
method of providing an improved acoustic environment for urban dwellers, now also addressing a significant 
portion of the smart growth agenda. As such, it requires a truly interdisciplinary process. The new ISO/DTS 
12913-2 Acoustics - Soundscape - Part 2: Data collection and reporting requirements provides evaluation 
processes and information about participation of stakeholders, based on years of discussion focused on 
integrating the people concerned into urban planning processes. This paper will discuss the participation 
processes that follow the new TS and that contributed to its development and standardization. In addition, 
discussion will focus on the need for holistic, interdisciplinary approaches and platforms within the planning 
of urban areas, allowing the direct contributions of scientists and practitioners along with the people directly 
concerned.  
 
 
Keywords: Soundscape, Smart growth agenda, Data collection 
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Soundscape standardization dares the impossible - Case studies 
valuing current soundscape standards 

André FIEBIG1 
1 Technische Universität Berlin, Germany 

ABSTRACT 
Recently, the ISO/TS 12913-2, the second part of the ISO soundscape series, was published supporting 
detailed information on data collection and reporting for studies using the soundscape approach. This part 
includes guidelines for soundwalks, interviews, acoustical measurements and defines minimum reporting 
requirements. The conceptual framework and soundscape related definitions are provided by the ISO 
12913-1. Finally, part 3 of ISO 12913 is underway addressing aspects and needs of the data analysis. This 
ISO soundscape series provides a foundation for communication across disciplines and offers guidance on 
how to perform soundscape investigations, but at the same time the question could be raised whether a 
concept asking for a holistic, context-sensitive view can be subject to standardization at all. The ISO working 
group had to address this issue in detail. The paper will reflect on the apparent contrast between identifying a 
common methodological basis of soundscape studies for standardization and the general holistic requirement 
of the concept soundscape. Based on case studies, views on the apparent conflict are discussed and the value 
of soundscape standards harmonizing the data collection process is assessed by considering the outcome of 
soundscape case studies.  
 
Keywords: Soundscape, environmental noise assessment 

1. INTRODUCTION 
Investigations using the soundscape approach have a history over decades. Based on literature 

reviews it is evident that soundscape investigations and research gain considerably in popularity. For 
example, To et al. showed by a systematic review that soundscape studies were getting popular since 
2005, while soundscape studies in Asian countries have become more popular since 2011 [1]. 
According to To et al. the number of publications per year has increased rapidly and this trend still 
continues till this day. Unfortunately, a major drawback of this development impeding a stronger 
impact on community noise and environmental noise assessment applications was apparently that a 
broad diversity of opinions about the definition of soundscape and the general aims of soundscape 
studies existed and thus the use of the term ‘soundscape’ has become idiosyncratic and ambiguous  as 
it is stated in the introduction of the first international soundscape standard [2]. The definition of the 
term ‘soundscape’ in an ISO document and providing a conceptual framework, which describes the 
process of perceiving our acoustic environment, might help to overcome such drawbacks. Researchers 
can now rely on the provided definitions, which were based on a common agreement by the working 
group members and experts. Or researchers can apply a deviating definition relating their differing 
soundscape understanding to the definitions provided in ISO 12913-1 [2]. A standard can provide 
orientation for followers as well as opponents.  

The same applies for the data collection in soundscape investigations. It is broadly acknowledged 
that soundscape as a perceptual construct of an acoustic environment in context is a multifaceted 
phenomenon and therefore cannot be measured with a single number [3]. In order to ‘measure’ 
perception in context a multitude of methods for data collection were applied focusing on qualitative 
or quantitative methodologies at almost equal measure. According to Botteldooren et al. interviews or 
questionnaires are most commonly used in soundscape investigations [3]. In most cases, these tools are 
applied in a soundwalk, which describes a method that implies a walk in an area with a focus on 
listening to the acoustic environment [4]. Thus, the ISO/TS 12913-2 aims for harmonizing the 
collection of data by which relevant information on the key components people, acoustic environment 
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and context is obtained, measured and reported and provides detailed information about the most 
common data collection methods: How to do soundwalks, how to apply questionnaires, how to conduct 
interviews, how to perform acoustic measurements [4].           

2. Aspects of standardization 

2.1 Acoustic measurements 
Recordings of acoustic environments build the foundation in soundscape research through 

analyzing and understanding the soundscape in a real or virtual environment [5]. The ISO/TS 12913-2 
defines that the acoustic environment must be binaurally recorded. It is noted that b inaural acoustic 
measurements record sound as if a human listener is present in the original sound field maintaining all 
spatial information. According to the ISO/TS 12913-2 binaural recordings should be the basis for 
aurally adequate analysis, for the reproduction of acoustic environments (e.g. in laboratory-based 
listening experiments) or for the purpose of preservation and archiving. Hong et al. reviewed applied 
spatial audio recording techniques for soundscape design, which were commonly used and concluded 
that binaural measurement systems as recording technique for soundscape studies is most commonly 
used due to its simplicity providing a good spatial quality for static listening positions [5]. For 
interactive spatial audio reproduction in soundscape studies Ambisonics is currently the leading 
recording technique but lacks international standards so far to rely on. 

 
2.1.1 Experimental study to investigate the need for binaural measurements 

Several studies investigating soundscapes still work with monaural recordings for acoustical 
analysis and playback. According to the current technical specification ISO/TS 12913 -2 the use of 
binaural measurements methods is mandatory maintaining all spatial information. In order to 
investigate the need for binaural data in soundscape studies an experiment was carried out analyzing 
perceptual and judgmental differences respectively due to the used recording technique. The studied 
research question was whether binaural data in comparison to monaural data of the same acoustic 
environment yield different soundscape related assessments in a laboratory context? 

Method 
A with-subject design of experiment was carried out, where the participants received an instruction 

with incomplete information about the main goal of the study.  

Subjects 
16 subjects (12 male, 4 female) with the average age of 25.9 (standard deviation ±2.9) took part in 

the experiment. All participants reported normal hearing. In agreement with ethical procedures, 
written consent was obtained from all of the participants. 

Apparatus 
All sounds were presented via a programmable equalizer (labP2) applying automatically the 

corresponding equalization for playback of binaural signals and headphones (HD 650). The playback 
system was calibrated and equalized. Instruction texts and interview questions were presented on 
computer screens. All assessments were collected via touchscreen.  

Stimuli  
Recordings of environmental noises recorded in different cities (Berlin, Düsseldorf, Osaka, London, 

Sheffield) were presented. The sounds were simultaneously recorded with a calibrated monaural 
microphone (M 360 ICP microphone ¼“, Microtech Gefell) and a calibrated binaural headset 
(SQobold in combination with BHS II, HEAD acoustics) at the same location. All sound samples were 
edited to duration of 30 s. Figure 1 shows the spectra of the two recordings of one location (Osaka 
Kansai, Japan). Although the spectra show similarities, as expected they are far from being identical. 
Due to the equalization of a binaural recording to have signals for the acoustical analysis available 
which are fairly compatible to single microphone measurements, the determined sound pressure level 
or loudness values are comparable (monaural recording: LAeq: 68.7 dB(A), loudness: 27 sone; binaural 
recording: LAeq_left: 69.8 dB(A), LAeq_right: 69.2 dB(A), loudnessleft: 26.9 sone, loudnessright: 26.0 sone 
according to ISO 532-1 [6]).   
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Figure 1 – Environmental noise recordings of Osaka Kansai (left: monaural recording; right: binaural 

recording (left and right channel)). Top: FFT (A-weighted) vs. time; bottom: Loudness according to ISO 

532-1 vs. time   

Experimental procedure 
The participants were requested to assess environmental noise stimuli on a semantic differential 

consisting of eight 5-point category scales. The participants had to assess to what extent they agree or 
disagree that the presented sound is perceived as pleasant, chaotic, vibrant, uneventful, calm, annoying, 
eventful, and monotonous. The instruction and attributes were given in English in accordance to the 
ISO/TS 12913-2. After a sound was terminated, the participants assessed their overall impressions 
regarding the different attributes. To introduce the range of sounds, several sounds were presented first 
from the set of stimuli without requesting any assessments. After the demonstration of several sounds, 
a training sequence took place, where the participants familiarized with the evaluation tasks. They 
were informed that the assessments of sound examples gained in this part of experiment will not be 
analyzed.  

Then, the first part of the experiment took place, where 16 sounds in total were sequentially 
presented and assessed by the participants. After a three minute break, 10 sound samples were 
presented in the second part of the experiment, which had to be assessed on an 11-point category scale 
with respect to the perceived level of ‘pleasantness’. The category scale was similar to the category 
scale defined in the ISO/TS 15666 [7]. To reduce the importance of sequence effects, the order of 
sounds was randomized. It was controlled that sounds recorded at the same place were separated by at 
least three different stimuli.   

Results 
Figure 2 illustrates the assessments of the different environments recorded via a single microphone 

or a binaural headset for two attributes ‘annoying’ and ‘pleasant’. In both cases, statistically 
significant differences between assessments of the monaural and binaural playback were observed 
(annoying: F(1,240)=7.85, p<0.01, pleasant: F(1,240)=5.9, p<0.05) without any interaction effects.  

The assessments of the remaining attributes showed differences as well, but these differences were 
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not statistically significant, but partially close to statistical significance (e.g. eventful: F(1,240)= 
3.6, p=0.06).  

 

 

Figure 2 – Assessments (means and 95% confidence interval) of monaural and binaural noise stimuli 

regarding the attributes “annoying” (top) and “pleasant” (bottom)  
 
In subsequent interviews, the suitability of the used attributes was discussed. It turned out that 

attributes like pleasant, annoying and eventful were judged to be highly appropriate, whereas 
attributes like “vibrant” and “chaotic” were assessed as less appropriate. However, no attribute was 
classified as inappropriate.   

Discussion 
The presented experiment has shown, as expected, that the spatial hearing impression is important 

with respect to soundscape related assessments like ‘pleasant’ or ‘annoying’. I.e., the assessments of 
acoustic environments differ between monaural and binaural reproductions. This observation supports 
the specifications defined in the ISO/TS 12913-2. Because the majority of the participants did not 
indicate in a post-experimental interview that they noticed that they listened to the different locations 
twice, in a monaural and binaural way, it is likely that the influence of potential demand characteristics 
is not vitally important. Interestingly, in the ISO/TS 12913-2 attributes explicitly related to the spatial 
auditory impression are not provided [8]. Potentially, such attributes might be relevant for 
comprehensive investigations of soundscapes perception in particular in case of studying indoor 
soundscapes.  
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2.2 Measurements of human sensations, responses and outcomes 
In the past a vast amount of methods and tools from multiple disciplines were applied to measure 

perception of acoustic environments in context in order to meet the general holistic requirement of the 
soundscape approach to understand sound perception in all its complexity. The diverse methods 
range from bio-monitoring, questionnaires, interviews, mind mapping to observational studies or even 
big data applications. The ISO/TS 12913-2 emphasizes the concept of soundscape as a holistic 
approach and requests to investigate each soundscape situation from several viewpoints. According to 
the ISO/TS 12913-2 this requires performing a soundwalk and/or a questionnaire and/or a guided 
interview. Those methods are explicitly described and explained in the ISO/TS 12913-2. 

    
Because the ISO/TS 12913-2 proposes different methods for data collection in the context of 

human sensation and responses, a study using different proposed methods including rating scales from 
the ISO/TS 12913-2 compared the gained results. Based on repeated soundwalk measurements 
performed in Aachen, it was observed that the results of the different rating scales aiming to explore 
similar semantic dimensions (e.g. analogue scale with the attribute unpleasant compared to the 
discrete ordinal scale with the attribute pleasant) correlate statistically significant in all cases of 
similar attributes [9]. The correlation coefficients are shown in table 1. Moreover, it was observed that 
both scale types exhibit similar standard deviations [9]. However, in case of the analogue rating scales 
the considered locations were judged as slightly more pleasant and less loud in average  indicating the 
inevitable impact of the scale design and format on the respective results. 

 
Table 1 – Correlation of assessments collected with selected rating scales from Method A and Method B 

proposed in ISO/TS 12913-2  

Rating scales (Method A – Method B) 
Pearson correlation 

coefficient 

pleasant (bipolar (agreement) discrete) vs. unpleasant (unipolar, analogue) -0.77** 

annoying (bipolar (agreement), discrete) vs. unpleasant (unipolar, analogue)  0.65** 

calm (bipolar (agreement), discrete) vs. loudness (unipolar, analogue)   -0.76** 
 
Interestingly, the results of the acoustical measurements performed during the repeated soundwalks  

show similar results. By means of a 2-way ANOVA the effect of the factor “location” was compared to 
the effect of the factor “repeated measurements”. Although both factors were statistically significant, 
the location factor related to acoustical differences between the eight considered locations (η²=0.4) 
was much greater than the differences between the different soundwalks performed in 2010, 2011, 
2012 and 2015 (η²=0.06) [10].  

This observation was supported by a canonical discriminant analysis, which as a classification 
analysis considered the results of the (psycho-) acoustic measurements. 25 different psychoacoustic 
metrics of 64 recordings lasting three minutes were computed and used as input for the canonical 
discriminant analysis. This analysis as a dimension-reduction technique intends to investigate whether 
groups (locations) can be effectively separated by means of psychoacoustic metrics.  In total, 62.5% of 
cross-validated grouped cases were correctly classified. This means that meaningful data representing 
the noise characteristics of a certain location can be collected by short-term measurements under 
uncontrolled conditions. Interestingly, the determined function 1 correlates with the assessments of 
‘loudness’ and ‘annoyance’, whereas function 2 was more related to assessments of the attributes 
‘vibrant’ and ‘eventful’.    
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Figure 3 – Result of a canonical discriminant analysis showing function 1 and function 2 using 

psychoacoustic metrics of repeated measurements at eight different locations. The different colors represent 

the different locations. 
 
In general, based on the repeated soundwalks it was observed that independent from the used 

method, whether method A or B, it is possible to collect reliable soundscape related data by means of 
in-situ physical and perceptual measurements. As expected, if rating scales varying in design and 
format are applied, different results are achieved. However, as table 1 illustrates, the results gained by 
different methods described in ISO/TS 12913-2 and potential conclusions drawn are related to each 
other to a certain extent. It is highly expected that due to the publication of the ISO/TS 12913-2 
comparisons of the outcomes of the different defined methods will be subject to further research (for 
example see [11, 12]). Such studies might help to identify the advantages and drawbacks of the 
different proposed informative methods. 

3. CONCLUSIONS 
It is the general intent of the ISO 12913 series on soundscape to enable a broad international 

consensus and to provide a foundation for communication across disciplines and professions with an 
interest in soundscape. Due to the fact that the ISO 12913 documents are frequently quoted an impact 
on soundscape studies and investigations can be assumed without doubt. The availability of the ISO 
12913 documents has two major advantages: 1. Due to the extreme diversity of methods in soundscape 
investigations in the past, a harmonized data collection process will increase the comparability of 
studies allowing the performance of meta-analyses and thus achieving a higher level of generality.  
2. The possibility to reference to soundscape standards might increase the general acceptance of the 
soundscape approach by authorities and decision-makers. An example might be the current noise 
action plan in Wales [13]. The Welsh Government adopted a “Noise and soundscape action plan 
2018-2023” with the intent to implement soundscape interventions in their noise action planning 
process within the next years. 

 However, a remaining challenge is to translate the different methods, instructions, verbal labels 
and attributes proposed in the ISO 12913 into different languages to be used internationally. A broad 
international application of the harmonized soundscape data collection methods and tools is only 
possible, when validated translated versions of the ISO 12913 documents are available. First actions 
determining translations representing the intended semantic dimensions described in ISO 12913 series 
have shown the complexity of this translation task [14].  

In general, it could be argued that the availability of standardized, uniform methods and tools 
leading to an harmonization of the soundscape data collection process might impede further research 
and endeavors with respect to development of advanced methods and tools to comprehensively 
investigate the perception of acoustic environments. It is not unlikely that even more by defining a 
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(tentative) ground truth via an international standard/technical specification, further research is 
provoked exploring the way humans perceive their (acoustic) environments by alternative, advanced 
methods. There is always the possibility to compare study outcomes (measurement uncertainties, data 
spread, effect sizes, etc.) based on alternative, improved methods to standard methods and tools. 
Without a common agreement on methods such investigations are likely not to be performed on a large 
scale. In particular, soundscape research needs more scientific evidence of its potential to promote 
health through cognitive restoration by designing urban environments [15]. It seems that the positive, 
promotional effect on health needs to be further explored by advanced methods.  
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ABSTRACT 
Revealing the relationship between human perceived data and acoustic data is important in soundscape 
studies. The annex of ISO/TS 12913-2 proposes a method in which soundwalk participants are asked to list 
sound sources. Binaural recording is necessary to obtain acoustic data. In the current study, we proposed two 
simple methods for expressing the relationship between perceived sound sources and acoustic data: Track 
Sheet Style Chart and TM Chart. The results revealed that the Track Sheet Style chart was the most useful 
method for clarifying the time structure of noticeable sounds, whereas the TM Chart was the most useful 
method for clarifying the time dominance of the sound level of the respective noticeable sounds. 
Keywords: soundwalk, perceived sound, sound sources, Track Sheet Style Chart, TM Chart 

1. INTRODUCTION 
The soundwalk method is an effective approach for understanding human sensations, responses 

and outcomes, by examining participants’ evaluation of soundscapes in a particular area. Many 
researchers have conducted soundwalks in soundscape studies. However, there has been little research 
into methods for analyzing the relationship between human perception data and acoustic data, which 
remains poorly understood. Further exploration of these methods is needed to standardize data 
analysis methods in soundscape studies. 

The annex of ISO/TS 12913-2 (1) recommends that lists of sound sources noticed by soundwalk 
participants at respective evaluation points should be obtained. These lists constitute some of the 
simplest data regarding participants’ perception. In addition, simultaneous binaural recording at the 
evaluation points is recommended. The relationship between the lists of sound sources and acoustic 
data is the simplest relationship regarding human perception and the acoustic data obtained in the 
soundwalk. Therefore, this pilot study explored two simple methods for expressing the relationship 
between perceived sound sources and acoustic data obtained in soundwalks.  

2. BASIC CONCEPTS OF DATA EXPRESSION 
As a starting point, the basic concepts for expressing the relationship between perceived sound 

sources and acoustic data are discussed. 
In the method proposed in the annex of ISO/TS 12913-2, soundwalk participants are required to 

list the sound sources they notice, in descending order, starting with the most noticeable sound sources, 
up to eight. In this procedure, only noticeable sound sources were listed. Therefore, we can consider 
the listed sound sources as significant features (2) of the relevant soundscape. The temporal structures 
of the significant features of a certain soundscape are thought to constitute one of the important 
features of the soundscape (3). In addition, domination of soundscapes by significant features is one 
of the most important aspects of analysis, as pointed out by the World Soundscape Project (WSP) 
1973 (2). Therefore, in the current study, two expression methods were examined: first, a method to 
express the temporal structures of the noticeable sounds, and, second, a method for expressing the 
domination of a certain soundscape by a specific sound(s). 

Regarding acoustic parameters, only the A-weighted sound pressure level was used, to simplify 
the results in this study. However, notation of A-weighted sound pressure level used in this study 
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could be adapted to other acoustic parameters. Thus, sound pressure level can be easily replaced with 
other acoustic parameters, including loudness, if necessary. 

2.1 Track Sheet Style Chart: A Method for Expressing Temporal Structures 
The Track Sheet Style Chart method is based on the track sheet in Digital Audio Workstations 

(DAW) software. In general, DAWs typically display a time structure of a certain work, in a plane in 
which sound tracks are arranged in a longitudinal direction, while the lateral direction indicates the 
time. In each sound track in the display, periods of time in which respective sounds are not present 
are displayed as blanks. 

Similarly, in the Track Sheet Style Chart, the temporal structure of noticeable sounds in a certain 
soundscape is indicated in a plane in which respective noticeable sounds are arranged in a longitudinal 
direction, and the lateral direction indicates time. At the bottom of the figure, A-weighted sound 
pressure level(s) are displayed. Figure 1 illustrates the basic concept of the Track Sheet Style Chart. 

 

  
Figure 1 - Conceptual illustration of the Track Sheet Style Chart 

Regarding time resolution in this chart, the higher the time resolution, the more effort it takes to 
draw the chart. However, if the time resolution is insufficiently low, the chart cannot express the time 
structure of respective sounds precisely. Considering evaluation times at soundwalks are typically 3 
to 5 min, 1 unit per 1 sec appears to be an appropriate time resolution for the chart. For example, if 1 
unit in Figure 1 is assumed to be 1 sec, the chart can express a 4-minute time structure of respective 
sound sources. 

The arrangement order of the sound sources in the chart may be arbitrary, and may depend on the 
purpose of drawing the chart. The simplest method for arrangement of the data is to show the sound 
sources that are listed by more participants as higher on the chart. Another common method of 
arrangement is to show the sound sources that are preferred by more participants as higher in the chart. 
In cases where the type of sound (e.g. sounds of technology, nature, or humans) is an important point, 
sound sources should be divided into appropriate types, and arranged in respective groups. 

In Figure 1, the sound pressure levels of respective time units are shown using a five-step gray 
scale. In cases where the dynamic ranges of the sound pressure levels are broad, using a more finely-
stepped gray scale (e.g. a 10-step gray scale) may be appropriate. 

2.2 Time Component Matrix Chart: A Method for Expressing Dominant Sounds 
The basic concept of the Time Component Matrix Chart (TM Chart) was proposed by Furukawa et 

al. as a method for visual expression of a soundscape (4,5). In this method, the percentage of time of 
sound levels and the percentage of time of sound sources are expressed in two dimensions. 

In the original method, the percentage of time of respective sound sources is defined as the 
percentage of time for which the measurer(s) thinks that the sound pressure level of a particular sound 
source is highest among the sounds they hear (4). According to Hiramatsu et al. (5), the percentage of 
time of sound sources indicates the rates of respective sounds which are heard predominantly during 
the observation period. However, in some cases, the influence of a certain sound source can be very 
high, due to specific source attention processes, even if the acoustic contribution to the overall noise 
caused by this source is relatively low in a physical sense (6).  

From the viewpoint of the soundscape, it is clear that the noticeable sound sources identified by 
the soundwalk participant(s) are more important than the sound sources the measurer(s) thinks have 
the highest sound pressure levels. Thus, the authors modified the method of the TM Chart to measure 
the percentage of time in which a particular noticeable sound source listed by the soundwalk 
participant(s) can be heard, instead of the percentage of time defined by the original method. Figure 
2 illustrates the concept of the TM Chart. In this figure, Sound C in Figure 1 is selected as the 
noticeable sound, as an example. The left cells in this figure describe the results regarding the sound 
that was heard and the right cells show the sounds that were not heard. The size of each cell in the 
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TM chart is proportional to the audible/inaudible percentage of time of the noticeable sound and the 
percentage of time of the sound pressure levels.  

 

  
Figure 2 - Conceptual illustration of the Time Component Matrix Chart (TM Chart) 

The noticeable sound in this chart could be changed to a group of sounds. For example, to 
understand preferred sounds, the percentage of time in which the preferred sounds were heard may be 
more appropriate. If the percentage of time of a group of sounds is used, the cells showing the group 
of sounds heard can be divided in the lateral direction into sub-cells, indicating that sounds belonging 
to the group are heard. 

3. EXAMPLE 
This section shows examples of usage of the two data visualization methods for results obtained 

from soundwalks. The soundwalks in this study were conducted to elucidate the appropriateness of 
locations in which benches are installed for resting spots for pedestrians around Fukushima Station, 
the main station of the Fukushima city (7). There were 2–6 participants in each soundwalk. All 
participants were students at Fukushima University. None of the participants were residents of the 
soundwalk area, but had visited the soundwalk area at least several times before participating. 

Regarding the noticeable sound sources, participants were required at each evaluation site to list 
up to eight noticeable sounds in descending order, starting with the most noticeable sound sources, as 
recommended by Annex C of the ISO/TS 12913-2. In addition, participants were required to evaluate 
each noticeable sound they listed in terms of whether the sound was preferable or not.  

Regarding acoustic data, binaural recordings were performed simultaneously using dummy-head 
microphones (B&K; 4100 or Southern Acoustics; Type 2500R II) and a digital audio recorder 
(TASCAM; DR-60D) around the benches. 

The data obtained at two evaluation sites were analyzed, as described below. 

3.1 Benches Installed at a Square Facing a Main Road 
The first site for analysis was a square facing a main road. This square had only one tree, planted 

at the far side from the main road, with benches installed around it. On the days of the soundwalks, 
building construction was being carried out diagonally across the intersection facing the main road. 
At the intersection, acoustic traffic signals for visually impaired persons  were installed. 

Concerning the list of the noticeable sounds at this site, footsteps, sounds of bicycles, road traffic 
noise, acoustic traffic signals and construction noise were pointed out by at least one participant in 
every soundwalk. Regarding preferences for those sounds, only footsteps were evaluated as preferable 
sounds, although these sounds were not pointed out by all participants. In contrast, all participants 
listed road traffic noise and construction noise as unpreferable sounds. Some participants evaluated 
the sound of bicycles and acoustic traffic signals as positive, while some evaluated these sounds as 
negative, and others did not list them as noticeable sounds. Regarding participants’ impression of the 
site, the square was evaluated as monotonous (7).  

Figure 3 shows the Track Sheet Style Charts for the square on the day on which the number of the 
noticeable sounds was lowest. In this figure, a cell in each track shows 1 (sec). As the figure shows, 
the two noticeable sounds listed by all the participants were continuous sounds. This may be one of 
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the reasons participants evaluated the soundscape of the square as monotonous. 
 

 
Figure 3 - Track Sheet Style Chart of a square facing a main road 

Figure 4 shows the TM chart regarding construction noise at the square, on the same day as the 
data shown in Figure 3. Because road traffic noise continued throughout all measurement periods, this 
figure also shows the TM chart regarding unpreferable sounds at the square. From this chart, it is clear 
that the rate of time of higher sound levels is higher when the construction noise was heard than when 
it was not heard. In contrast, it is difficult to understand this from Figure 3.   

As this example shows, this chart is suitable for discussing time domination of higher sound levels 
of respective sound sources. 

 

 
Figure 4 - TM Chart regarding the construction noise at the square facing a main road 

3.2 Benches Installed at a Pedestrian Walkway in front of a Pastry Bakery 
The next site was a pedestrian walkway in front of a counter-style pastry bakery. This pedestrian 

walkway was slightly broader than standard Japanese walkways on urban streets. Several benches are 
installed at this pedestrian walkway. The evaluation site was located near the edge of the street 
connected to the road to the prefectural office. The street behind the bench has one-way traffic, and a 
small number of cars drive on the street, at a relatively slow speed. In contrast, the traffic at the road 
to the prefectural office is always busy. The pastry bakery at this street is popular, especially among 
high school girls and young women. This site is located approximately 200 m from the square analyzed 
in the last section. Therefore, the construction noise could also be heard on this site, at lower levels. 

Regarding the list of noticeable sounds at this site, only road traffic noise was reported on every 
soundwalk. In addition, conversations, footsteps, and the sound of bicycles were reported on more 
than one soundwalk. In contrast, construction noise, twittering birds and music from a pastry bakery 
were reported in only one soundwalk each. Regarding preferences for respective sounds, 
conversations (conversations of pedestrians and conversations between the shop clerk at the pastry 
bakery and their customers) and footsteps were evaluated as preferable sounds. In particular, some 
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participants mentioned that conversation between the shop clerk and customers contributed to a 
positive atmosphere around this site. The sound of bicycles was evaluated as neutral. Road traffic 
noise was evaluated as unpreferable overall, but some participants mentioned that the sound of cars 
behind the bench was less noisy than at the other evaluated site, because the car speed was slower. 
Regarding the impression of the site, this square was evaluated as relatively comfortable (7).  

Figure 5 shows the Track Sheet Style Charts of the pedestrian walkway on a day when all of the 
noticeable sounds were listed. In this figure, a cell in each track shows 1 (sec), the same as in Figure 
3. As the figure shows, road traffic noise was heard continuously through the whole evaluation period. 
However, the noise mainly came from the road to the prefectural office. Compared with the square 
(Figure 3), the time at which preferable sounds were heard was clearly longer here, and this kind of 
sound was heard in any given 1-minute period. This may be one of the reasons why the site was 
evaluated as relatively comfortable even though the sound level of the site was relatively similar to 
that of the square mentioned in the previous subsection.  

 

 
Figure 5 - Track Sheet Style Chart of the pedestrian walkway in front of a pastry bakery 

Figure 6 shows the TM Chart regarding the preferable sounds at the pedestrian walkway, on the 
same day as the data shown in Figure 5. From this chart, it can be seen that the preferable sounds were 
heard approximately 70% of the time. In addition, the figure shows that the highest sound levels were 
observed only at the time when conversations were heard, indicating that no unpreferable sounds were 
louder than preferable sounds. 

This example demonstrates the suitability of this chart for understanding the time of dominance of 
sound levels of respective sound sources. 

 

 

Figure 6 - TM Chart of preferable sounds at the pedestrian walkway 
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4. FINAL REMARKS 
Both the Track Sheet Style Chart and TM Chart methods proposed in this study are effective tools 

for expressing the relationship between perceived sound sources and acoustic data. These two methods 
should be chosen to suit the particular context: the Track Sheet Style chart is the most useful method 
for clarifying the time structure of noticeable sounds, whereas the TM Chart is the useful method for 
clarifying the time dominance of the sound level of the respective noticeable sounds.  
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ABSTRACT 
In general, soundscape study conducted by letting the participants to have the experience of the actual 
soundscape. This method usually conducted using in situ soundwalk or soundscape reproduction. 
Soundscape composition has become one of the methods to understand the soundscape of urban area based 
on human memory. In this study, the concept of soundscape composition with acoustic environment 
simulator has been implemented to understand and improve the soundscape of an iconic space. Two 
experiments were conducted in this study; first, the soundscape composition of Bandung’s City Square (the 
existing condition); second, the improvement of the soundscape of Bandung City Square. This study has 
identified the soundmarks of Bandung’s City square. The soundmarks are the sound of children, the sound of 
adhan, conversation, the sound of people sweeping the floor, and the sound of footsteps. The sound of traffic 
is used in both conditions to represent the urban area as the participant tent to keep this sound in the improved 
composition. This study also has determined the sound addition which can be used to improve the sound 
environment quality (the addition of birds chirping).In conclusion, soundscape composition successfully 
identify and improve the soundscape of the iconic area. 
 
Keywords: Soundscape Composition, Iconic Space, Soundmark, Simulator 

1. INTRODUCTION 
The soundscape approach often used to understand the quality of sonic environment especially in 

the Urban area (1, 2, 3). Several methods used to gather the information and validated in some way to 
make a precise representation of urban environment. In-situ and laboratory experiment often used in 
soundscape study (4). In situ survey usually conducted with soundwalk method where a group of 
people directly experience and rate the acoustic environment. The amount of information can be 
collected to give a representation of the sound environment through questionnaire and semantic data 
(5).  In terms to improve the sound environment quality, the in-situ method can’t always give precise 
reference of the sound data and make it hard to analyze the output. Meanwhile, laboratory experiment 
usually used the reproduction of sonic environment to collect and analyze the soundscape. The most 
important thing from this method is the validation to represent the actual sonic environment. The 
previous study has successfully validated human perception and the sonic environment (6).   

One of the main parameters of soundscape research includes human perception to analyze the 
soundscape. Hence, there must be a way to link human perceptions and a better representation of the 
sonic environment. Through soundscape combination using a simulator, the researcher can control the 
parameter of a sound object in order to analyze the cause of changing conditions in the simulation. 
This approach is also beneficial to give a wider range of the sound object to present the outputs which 
are useful for analysis (7). Another research implemented soundscape simulator in order to understand 
the soundscape of an urban area. The study implemented the soundscape composition method to 
construct the relationship between the sound object and soundscape dimension (6). The results show 
that simulator successfully becomes a tool that might help the urban planner to design and improve the 
quality of soundscape because people can create a sonic environment of a location and also manipulate 

                                                        
1 rantidwitassia12@gmail.com 
2 anugrahsabdono@gmail.com 
3 jsarwono@tf.itb.co.id 

6094



 

 

the sound elements of soundscape (6). 
This research tries to implement the concept of soundscape composition with acoustic environment 

simulator to understand and improve the soundscape of an iconic space. The space in urban areas 
usually dominated by various activities and facilitate the resident with various kinds of public 
facilities, one of them is City Square. The city square is one of an iconic open space in Bandung 
(Indonesia). This location is characterized by a fairly wide field and the functional buildings around it 
and often used as a gathering place to relax and socialize. This iconic space plays a role in urban 
cultural activities and reflects the city’s cultural, hence the need to improve the acoustic environment 
around them is important. 

2. METHOD 
The study applies a laboratory experiment method using soundscape combination. There are two 

experiments were conducted in this study. The first experiment aims to identify the actual condition on 
a particular location using soundscape simulator. During the experiment, respondents were asked to 
create an actual simulated sound environment of Bandung City Square (Indonesia). They were asked to 
combine some sound objects in the simulator and give the rating on the semantic scale, consists the 
three dimension (relaxation, dynamic, and communication). They are also allowed to adjust the level 
and the position in every sound object.  

In the second experiment, respondents were asked to create an ideal condition of sound 
environment of the same location as the first experiment. They allowed to add and eliminate some 
sound object in order to make the ideal condition of soundscape. They also can reduce or increase the 
sound level from the actual condition. After that, they were asked to give the rating on the semantic 
scale. The participants in both experiments are the people who already been and understand the sound 
environment in the location. The results from the second experiment intended to give information 
related to parameter or the sound object that the respondents used to improve the soundscape. Both 
data collected from these two experiments are analyzed conjointly.  

2.1 The Simulation 
The simulation in this research using acoustic environment simulator to create and manipulate 

the sound object of soundscape which has been developed by Sudarsono in his research related the 
soundscape simulator to predict the perception of acoustic environment (6). In this study, the simulator 
consists of several sound objects which categorized into 4 categories, such as natural sound, the sound 
of human activities, mechanical sound, and music sounds.  

In the simulator, there are also semantic scales consist of three dimensions (Relaxation, 
Dynamic, and Communication) that must be assessed by the respondent. The recordings of soundscape 
composition are in the form of *.WAV A-Format. The format will be processed using Reaper into 
B-Format (W, X, Y, Z) in order to enter the audio interface. 

 
Figure 1 – The Simulator and Laboratory Experiment 

 
The soundscape combination in the simulator is generated using 8 speaker systems in the laboratory. 

The configuration in the form of an octagonal simulation with the height of the speaker is adjusted 
according to the position of the ear when sitting, which is as high as 120 cm. 
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2.2 Procedure 
The respondents were asked to create two conditions (actual and ideal) of urban sound environment 

in Bandung City Square for two minutes each, following these instructions: 
 Respondents who take part in the simulation have already felt, experienced, and understood 

the sonic environment at the location. 
 Respondents fill in the identity on the form provided. 
 Before starting the simulations, 5 minutes tutorial and explanation are given in order to 

familiarize the respondent with the simulation 
 First simulation; Respondents were asked to create the actual sound environment in 

Bandung City Square by combining several sound sources in the simulation and making 
judgments on the semantic scale, afterward.  

 Second simulation; Respondents were asked to create the ideal sound environment in 
Bandung City Square to get a better perception of the actual condition and give ra te on the 
semantic scale.  

 Respondents are allowed to leave the simulation room. 

2.3 Subjects 
There are 25 students (20 female and 5 male; averaging 21 years of age s.d. 32 years of age). They 

are from the engineering, architectural, and art department. All the respondents were the people who 
already familiar with the sound environment and reported normal hearing. The experiments take place 
sequentially and require approximately 40 minutes for each individual. 

3. RESULTS 
The data from both experiments were analyzed conjointly to check the comparisons between the 

composition for the actual and ideal condition. The comparison includes the identification of the sound 
object and the perception of two soundscape composition. In order to identify the soundmark of 
Bandung City Square, the first experiment (the actual composition) has been validated with an in -situ 
experiment using soundwalk method that can be seen in figure 2.  

 
 

 
Figure 2 – Most Frequent Sound Object in Simulator and In-situ Survey 

 
The graphs show that there are five top words described by respondents both in simulation and 

in-situ experiment. The sounds of conversation, adhan (prayer call), children, horn, and vehicle are the 
most described sound both in the In-situ and the laboratory experiment. Those sounds are the most 
frequent sound objects that the participants use to create the actual condition of Bandung City Square. 
The result will be analyzed in terms of sound objects chosen by respondents that can be seen in figure 
3. 
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Figure 3 – Sound Object in Bandung City Square based on Actual and Ideal Compositions 
 

The graphic above shows the sound object in Bandung City Square. From both experiments, it can 
be indicated that both experiments have a similar result. The occurrence of some sound object in those 
two experiments is not significant. The analysis from statistic test 2 (Z=28,2; p> 0,05) showed that 
the composition of the actual condition has a similar result with the composition of ideal condition. 
Based on previous results, the sound of nature such as the sound of birds and the sound of water 
increase the perception of pleasantness (8). However, in the ideal condition, 50% of respondent add the 
sound of birds chirping rather than the sound of water fountain or water flow because the location of 
Bandung City Square consists a fairly wide field with a lot of trees surrounding it. Hence the sound of 
birds chirping more suitable in this location. The most frequent sound object is chosen (above 50%) to 
describe Bandung City Square can be seen in Table 1. 
 

Table 1 – Sound Object in Bandung City Square 

No. Sound Objects 

1. Adhan (prayer call) 

2. Children 

3. Foot Step 

4. Conversation 

5 Vehicle 

6. Horn 

7. Muffler 

8. Wind 

9. Birds Chirping* 

10. Water Flow* 
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The sound objects considered as the most chosen sound in this study as can be seen in table 1. Those 

are sound objects that represent Bandung City Square consist of the sound of adhan (prayer call), 
children, footstep, conversations, vehicle, horn, muffler, and wind. Those sounds mentioned, appear in 
both experiments, while the sound of birds chirping and the sound of water used to improve the sound 
environment quality and mostly appear in ideal condition. This result in line with the previous study 
that shows the natural sound prevailing in ideal scenes and often used to increase the perception of 
pleasantness (8,9). The mechanical sound such as the sound of the vehicle (traffics), horn, and muffler 
are used in both conditions to represent the urban environment as the respondent's tent to keep in the 
ideal composition. It can be concluded that the soundmarks that represent Bandung City Square itself 
consists of the sound of adhan, children, footstep and conversations.  

In term of perception, the respondent rate their judgment in semantic scale consist of three 
dimensions (Relaxation, Dynamic, and Communication). The semantic consists of 1 -10 scale. This 
analysis aims to determine the individual's perceptions of actual composition and improvement in the 
ideal composition. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 4 – Rate of Perceptions in Actual and Ideal Compositions 
 

Table 2 – Statistic Analysis   
 Annova-Mann 

Whitney (sig.) 
Cohen’s 
D 

Mean 
Diff. 

Relaxation 0.000 2.44 4.44 
Dynamic 0.001 1.02 2.04 
Communication 0.003 0.9 1.04 

 
Based on the rating from both composition, there is a significant result of the dimension of 

Relaxation (comfortable-uncomfortable), Dynamic (varied-simple), and Communication 
(communal-private). Analysis of variance (Mann Whitney) was also conducted to compare the two 
experiments. Meanwhile, in the effect size test, only the dimension of relaxation has the strongest 
(2.44) impact among the three dimensions. This also can be seen from the mean difference between the 
composition of the actual conditions and the ideal composition. Relaxation shows the highest mean 
difference between the other dimensions. Dynamic and Communication also have significant results. 
In conclusion, respondents tend to expect a simple and private environment. But the value does  not 
have a big enough difference and has a strong impact such as the dimension of relaxation.  

 

4. CONCLUSIONS 
The methods were developed to analyze the sound environment for better representations of 

soundscape have been widely applied in soundscape research. The implementation of soundscape 
simulators is widely used by researchers to collect soundscape information in certain environments. 
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This study successfully applied the composition of the soundscape simulator to identify and improve 
the soundscape in iconic areas. This founding successfully identified the soundmarks of Bandung’s 
City square. The mechanical sound such as the traffic sound is used in both conditions to represent the 
urban area as the participant tent to keep this sound in the improved composition (the ideal condition). 
The relaxation aspects more significant to give impact on the improvement composition. The sound 
addition which can be used to improve the sound environment quality is the sound of birds chirping. 
The sound of birds chirping more suitable for Bandung City Square because the location consists of a 
fairly wide field with many trees surrounding it. 
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ABSTRACT 

Cities are composed of many types of outdoor spaces, each with their distinct soundscape. Some of these 
soundscapes can be extraordinary, others are often less memorable. However, most locations in a city are not 
visited with the purpose of experiencing the soundscape. Consequently, the soundscape will not necessarily 
attract attention. Existing methods based on the circumplex model of affect classify soundscapes according to 
the pleasure and arousal they evoke, but do not fully take into account the goals and expectations of the 
listener. Therefore, in earlier work, a top-level hierarchical classification method was developed, which 
distinguishes between spaces based on the degree to which the soundscape creates awareness of the 
acoustical environment, matches expectations and arouses the listener. This paper presents the results of an 
immersive laboratory experiment, designed to validate this classification method. The experiment involved 
40 participants and 50 audiovisual recordings drawn from the Urban Soundscapes of the World database. It is 
shown that the proposed classification method results in clearly distinct classes, and that membership to these 
classes can be explained well by physical parameters, extracted from the acoustical environment as well as 
the visual scene. 
 
Keywords: Soundscape, Classification, Urban space 

1. INTRODUCTION 
The soundscape of urban outdoor public spaces contributes to the perceived quality of those spaces, 

and eventually to the identity of a city or a community. Over the past decades, awareness of the 
transience and the heritage value of these soundscapes has risen, and more and more efforts are spent 
to record and catalog urban soundscapes for posterity. A well-known early example is the World 
Soundscape Project initiated by R. Murray Schafer (1), which has led to a set of recordings called the 
World Soundscape Library. Technological progress is providing a helping hand in speeding up this 
process. More recent examples are the use of mobile applications and citizen science to collect urban 
soundcape recordings (2, 3), or several projects that aim to collect high-quality immersive audiovisual 
recordings at urban locations worldwide, such as the Urban Soundscapes of the World project (4). In 
this light, soundscape data collection methods have become a subject of standardization efforts within 
the ISO 12913 series of standards (5). 

Data collection often goes hand in hand with data classification, and this is also the case for urban 
soundscapes. Several approaches to classify urban spaces according to their soundscape have been 
proposed in the past. These classification methods can be based either solely on acoustical properties, 
such as in (6), or on a combination of acoustical, visual and other perceptual properties, such as in (7). 
Holistic methods, which assess the soundscape as a whole, are often inspired by the circumplex model 
of affect (8), and classify soundscapes according to the pleasure and arousal they evoke (9). However, 
the application of the core affect model assumes that one actually pays attention to the soundscape. 
While this might be the case by design in most laboratory experiments, most often, city dwellers do not 
have the explicit purpose of experiencing the soundscape. Moreover, the acoustic environment in 
many urban locations does not necessarily attract attention if sound is not the purpose of being there.  
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Taking into account the goals and expectations of the listener may lead to a more nuanced 
classification. In (4), a hierarchical approach is proposed, to categorize urban locations concerning 
how the soundscape at these locations is typically perceived. In a first stage, locations are classified 
according to the degree to which the soundscape influences the perception of the total environment. 
The scale varies from no influence at all (meaning that one does not pay attention to the soundscape) to 
a strong influence (meaning that the soundscape immediately attracts attention and creates awareness). 
In a second stage, locations are scaled according to how well the soundscape matches expectations. 
These expectations can be both place-related (e.g. congruence with the visual surroundings) and 
person-related (e.g. how much the soundscape interferes with the goals and activities of the listener). 
The scale ranges from disruptive to supportive, and relates to the pleasantness axis in the core affect 
model (9). Finally, in a third stage, locations are scaled according to how they arouse the listener. The 
scale ranges from calming to stimulating, and relates to the arousal axis in the core affect model. 

In (10), an operational method (in the form of a small questionnaire) is presented, which allows 
assessing audiovisual recordings according to the hierarchical classification approach proposed above. 
In Sections 2 and 3, this paper briefly presents the results of an immersive laboratory experiment, 
designed to validate this operational method. Results of this experiment have been published in 
extended form in (11). In Section 4, a discussion of these results is presented. 

2. METHODOLOGY 

2.1 Audiovisual stimuli 

The audiovisual stimuli used in the laboratory experiment are drawn from the Urban Soundscapes 
of the World database (4). This database consists of immersive audiovisual recordings, i.e. combined, 
simultaneous spatial audio, and 360-degree video, collected in a range of cities worldwide. In each city, 
recording locations were selected in a systematic manner, through an online survey among 30 to 50 
inhabitants (depending on the city). Participants in this survey were asked to pinpoint those outdoor 
public spaces within their city that they perceive as either being full of life and exciting, chaotic and 
restless, calm and tranquil, or lifeless and boring. These adjectives were taken from the four quadrants 
of the principal component analysis (PCA) performed in (9). A spatial clustering analysis allowed 
compiling a shortlist of prototypical locations with a variety of soundscapes, more or less uniformly 
covering each of the four quadrants in the two-dimensional core affect perceptual space. More 
information about the site selection protocol can be found in (4). For the present experiment, 50 
one-minute stimuli (including first-order ambisonics spatial audio track) were extracted from the 
database, recorded at different locations within the cities of Montreal, Boston, Tianjin, Hong Kong and 
Berlin. We refer to (11) for a complete list of all stimuli. 

From the recordings, a range of acoustical and non-acoustical indicators was calculated. Acoustical 
indicators included the one-minute LAeq of the stimuli, which ranged from 53.3 dB(A) (recorded in 
Tiergarten, Berlin) to 77.0 dB(A) (recorded in Peking Road, Hong Kong), as well as percentile levels, 
loudness, sharpness and auditory saliency (12). Non-acoustical indicators included the people density 
(qualitatively labeled on a 5-point scale) and the amount of green elements (by proxy of the percentage 
of green pixels) in the 360-degree scene. Figure 1 illustrates the method for identifying green elements, 
on the basis of the image extracted from the opening scene of the 360-degree video. 

 

   
Figure 1 – Illustration of the calculation of green coverage; this example contains 20.6% green elements. 

 
Considering all 50 recordings, 22% had no people at all in them, 30% had a small number of people, 

26% an average number, 14% a high number, and 8% a very high number. The percentage of green 
elements ranged from 0% to about 60%. Overall only a very small negative correlation (r2 = 0.104) 
between LAeq and amount of green elements is observed. 
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2.2 Experiment setup 

During the experiment, participants were seated inside a soundproof booth, with the experimenter 
monitoring the experiment from outside. Audiovisual stimuli were played back using a PC placed 
outside the booth. The 360-degree video was presented through an Oculus Rift head-mounted display; 
participants could freely move their head and look around. The audio was played back through a pair 
of Sennheiser HD650 headphones, driven by a HEAD acoustics LabP2 headphone amplifier calibrated 
to ensure that the audio is played back at the original sound level. To have a smooth run of the 
experiment, questions were projected within the head-mounted display, and participants were asked to 
answer verbally; the experimenter would then mark down the answers. This way, the participants did 
not need to take the head-mounted display off all the time during the experiment. 

2.3 Participants 

In total, 40 participants (29 male, 11 female, mean age 29.5 yr, range 22-46 yr) took part in the 
experiment, recruited mostly among students at Ghent University. All had normal hearing, assessed 
via pure tone audiometry, and normal color vision, tested by the Ishihara test for color deficiency (13). 
Participants were offered a gift voucher as compensation for taking part in the experiment. 

2.4 Experiment outline 

The participants performed the experiment individually. At the start of the experiment, each 
participant was briefly informed about the experimental procedure. Subsequently, the 360-degree 
videos with first-order ambisonics audio track were presented in random order. To keep the total 
duration of the experiment within bounds, participants were split into two groups of 20 people, each 
being presented with only half of the stimuli. After each audiovisual stimulus, participants were asked 
two sets of questions. In the first set of questions, participants had to rate the locations they had 
experienced, on an 11-point scale in terms of the adjectives used for selecting the recording locations, 
as mentioned in Section 2.1. The second set of questions consisted of those proposed in (10) for the 
hierarchical classification approach, and are listed in Table 1. Note that either question 5a or 5b is 
asked, depending on the answer on question 1. At the end of the experiment, a small questionnaire was 
administered, containing questions of demographic nature. 

 

Table 1 – List of questions and possible answers for the hierarchical soundscape classification method. 

1. In general, how would you categorize the environment you just experienced? [5-point scale from 
“calming/tranquil” to “lively/active”] 
2. In general, what kind of activities could you imagine doing in this environment? [list of activities] 
3. How much did the sound draw your attention? [5-point scale from “not at all” to “extremely”] 
4. Would the sound environment prevent you from doing the activities mentioned above? [5-point 
scale from “not at all” to “extremely”] 
5a. How much does the sound environment contribute to the calmness/tranquility of this place? 
[5-point scale from “not at all” to “extremely”] 
5b. How much does the sound environment contribute to the liveliness/activeness of this place? 
[5-point scale from “not at all” to “extremely”] 

3. RESULTS 

3.1 Principal component analysis 

The first set of questions leads to average scores for each of the 50 soundscapes considered, on the 
four core affect model classes “full of life/exciting”, “chaotic/restless”, “calm/tranquil”, and 
“lifeless/boring”. In order to obtain a similar score for the four classes “backgrounded”, “disruptive”, 
“calming” and “stimulating” that are considered in our proposed hierarchical classification method, a 
fuzzy set membership analysis is applied to the answers on the second set of questions. Answering “not 
at all” or “a little” on Question 3 (Table 1) leads to a score of 1.0 for the “backgrounded” class. The 
other possible answers on the 5-point scale gradually lead to lower scores; the answer “extremely” 
leads to 0.0. Answering “highly” or “extremely” on Question 4 leads to a score of 1.0 for the 
“disruptive” class, and in a similar way scores for “calming” and “stimulating” are obtained from the 
answers on questions 5a and 5b. This procedure is applied to each soundscape/participant combination, 
and for each soundscape, the average membership over all participants for each class is calculated. 
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Subsequently, two principal component analyses (PCA) are performed on the average scores: once 
based on the scores for the four core affect model classes, and once based on the scores for the four 
classes in the alternative hierarchical classification method. Figure 2 shows scatterplots of all 
soundscapes along the two principal components, for each of the two PCA analyses. 

 

 
Figure 2 – PCA component plots for (a) the core affect model, and (b) the hierarchical classification method. 

 
For the PCA based on the core affect model scores (Figure 2a), component 1 explains 55.1% of 

variance, while component 2 explains 30.9%. For the PCA based on the hierarchical classification 
method scores (Figure 2b), component 1 explains 71.1% of variance, while component 2 explains 
22.1%. Thus, a slightly higher total variance is explained by the hierarchical classification method. 
Individual soundscapes in Figure 2 are colored according to the class with the highest score, or labeled 
“none” if there is no clear class that has the highest score for the given soundscape. 

3.2 Models based on acoustical and visual factors 

To analyze the contribution of underlying acoustical and visual factors to the classification of each 
location, a generalized linear mixed model (GLMM) is constructed for the four proposed classes, using 
a stepwise procedure, with participant as random factor. Table 2 shows the fittest model for each of the 
classes of soundscapes, based on the Akaike Information Criterion (AIC). Acoustical factors include 
sound level (L), loudness (N), sharpness (S) and saliency (SL), together with associated extreme and 
percentile levels. Visual factors include greenness (G) and person density (P), as a categorical value, 
dummy coded where P1 means no people at all, up to P4, meaning a high amount of people. 

 

Table 2 – Generalized linear mixed models for the classes of the hierarchical classification method. 

Soundscape class AIC Membership 

Backgrounded 319.2 0.458 0.041 ∙ 𝐿 0.023 ∙ 𝑁 0.068 ∙ 𝑆 0.037 ∙ 𝑆𝐿
0.116 ∙ 𝐺 

Disruptive 511.1 1.432 0.525 ∙ 𝐿 0.547 ∙ 𝐿 0.035 ∙ 𝑆𝐿 0.480 ∙ 𝑆
0.040 ∙ 𝑁 0.046 ∙ 𝑁 0.302 ∙ 𝑆 0.145 ∙ 𝑆  

Calming 591.1 1.327 0.020 ∙ 𝐿 0.172 ∙ 𝑃 0.024 ∙ 𝑃 0.003 ∙ 𝑃  
0.057 ∙ 𝑃 0.106 ∙ 𝑆  

Stimulating 535.7 0.755 0.196 ∙ 𝑃 0.077 ∙ 𝑃 0.064 ∙ 𝑃 0.091 ∙ 𝑃 0.067 ∙ 𝑆𝐿  
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3.3 Models solely based on acoustical factors 

In order to predict the membership of a given soundscape to each of the four classes within the 
hierarchical classification approach, a set of linear regression models was constructed, exclusively 
based on the acoustical parameters extracted from the spatial audio recordings. Table 3 shows the 
resulting linear regression models. 

 

Table 3 – Linear regression models for the classes of the hierarchical classification method. 

Soundscape class Membership r2 sig. 

Backgrounded 0.018 ∙ 𝐿 1.464 0.521 0.000 
Disruptive 0.027 ∙ 𝐿 0.015 ∙ 𝐿 0.733 0.488 0.006 
Calming 0.020 ∙ 𝐿 0.079 ∙ 𝑆 1.440 0.426 0.098 
Stimulating 0.078 ∙ 𝑆𝐿 0.643 0.501 0.000 

4. DISCUSSION 
The GLMM model results presented in Table 2 show that visible green elements reduce the chance 

for a soundscape to become labelled as backgrounded. Moreover, the model for the backgrounded 
class has the lowest AIC value. This suggests that, based on acoustical and visual factors, it would be 
relatively easy to predict if a soundscape will draw attention or not. The model for predicting if a 
soundscape will be backgrounded solely based on acoustical factors, as shown in Table 3, only retains 
LA05 as an acoustical indicator. Thus, to be backgrounded, soundscapes should simply not contain any 
loud sounds, whatever their origin or duration. 

A disruptive soundscape prevents the users of a space from performing the activities that they 
would otherwise engage in. The optimal generalized linear mixed model for the disruptive class 
combines many non-orthogonal acoustical factors but contains no visual factors, which might indicate 
that sound dominates perception in a disruptive soundscape. The predictive model for the disruptive 
class in Table 3 contains both LA05 and LA05–LA95 with a positive coefficient, indicating that the sound 
level as well as the temporal variability of the sound are determinant for the soundscape to become 
disruptive. 

Supportive soundscapes, either calming or stimulating, are expected to contribute to the overall 
experience of a place, matching expectations created by the context and purpose of the place. The 
results of Table 2 indicate that calming or stimulating support is for a large part evoked by visual 
information. Although the amount of visual vegetation is not a significant factor for explaining why 
soundscapes are calming or stimulating, however, the visual presence of people plays a key role: too 
many people present reduces the calmness of the soundscape. Furthermore, sharpness (S50) and the 
absence of strong peaks in the sound level (LAFmax) appear in both the GLMM and linear regression 
models for the calming soundscapes. Sharpness is typically higher for natural sounds (which are 
commonly perceived as calming) and lower for mechanical sounds (which are commonly perceived as 
non-calming). As expected, the number of people is found to be positively correlated with the 
stimulating character of a soundscape. Finally, auditory saliency (SL), a property of the sound that 
characterizes its ability to draw attention, and that focuses strongly on vocalizations (12), appears in 
both the explorative GLMM and predictive models for the stimulating soundscapes. This suggests that 
(bottom-up) auditory saliency might be indicative in explaining the stimulating character of a 
soundscape, whereas voluntary (top-down) auditory attention might be indicative in explaining the 
calming or tranquil character of a soundscape (14). 

5. CONCLUSIONS 
This paper presented the results of a laboratory experiment, designed to validate a hierarchical 

approach for classifying urban outdoor public spaces according to their soundscape. This approach, for 
which an operational assessment method was proposed in earlier work, is seen as an alternative to the 
more conventional way of classifying soundscapes based on the circumplex model of core affect. The 
experiment involved the perceptual evaluation of immersive audiovisual recordings drawn from the 
Urban Soundscapes of the World database. The proposed hierarchical classification method was 
shown to result in distinct classes, and membership to these classes could be explained well by 
parameters extracted from the acoustical environment (spatial audio) as well as the visual scene. 
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ABSTRACT 
In 2014 and, more recently, in 2018 the ISO norms on soundscape were released with the aim of providing a 
conceptual framework and standardized data collection and analysis methods for the international community 
of scientists and professionals involved in the study of soundscape. This paper presents a soundscape study 
conducted in New York where, following the ISO norms on soundscape, methods are applied to study 
everyday quiet areas. Firstly, the paper introduces the research questions of the soundscape study. Secondly, 
it outlines the procedure and methods of the study, consisting of desk research, interviews with stakeholders 
and on-field data collection through soundwalks and the use of the Hush City app. Thirdly, it discusses 
preliminary results, focusing on the outputs of desk research, interviews and the soundwalk conducted for 
the 2019 International Noise Awareness Day. In conclusion it reflects on the application of standardized 
methods to study everyday quiet areas in densely populated, large cities, such as New York and outlines 
future research directions. 
 
Keywords: soundscape, soundwalks, quiet areas, public spaces, Hush City app, New York 

1. INTRODUCTION 
The “soundscape approach” aims at studying the acoustic environment as it is perceived, 

experienced and understood by people in context (1) and how it can be usefully applied to planning 
better urban quality of life (2) especially in big, populated cities, where excessive exposure to noise 
has been proved to account for negative physical and mental health effects (3). 

In 2014 and, more recently, in 2018 the ISO norms on soundscape were released with the aim of 
providing a conceptual framework and standardized data collection and analysis methods for the 
international community of scientists and professionals involved in the study of soundscape (2).  

This paper presents a research study conducted in New York where the soundscape approach was 
applied by the author to study existing and potential everyday quiet areas (4). New York City was 
chosen for the research stay due to historical contingencies. In 2016, by acknowledging the subject of 
noise in three plus decades, the US National Science Foundation awarded $4.6 million to the “Sounds 
of New York City” (SONYC) project proposed by a team of the New York University scholars to 
research noise in New York City (5). The United States has a rather long history on the issue of noise, 
health and noise activism (6): a regulatory history was very active between 1968 and 1981, and 
important documents released at the time (7, 8, 9) are still very relevant since they have not been 
superseded by any more recent studies conducted in the US (10).  However, in 1981, based on the 
rationale that noise does not constitute a health hazard, the subject was deliberately sidelined by 
defunding the enforcement of the Noise Control Act (9) and closing down the Office of Noise 
Abetment and Control in the US Environmental Protection Agency (10, 11), with dramatic 
consequences for public health and society (10, 12).  

It was therefore evident that, by acknowledging again the importance of noise pollution, the US 
National Science Foundation gave a highly significant indication of changing priorities in the USA - 
a signal, which cannot be ignored. Against this background, New York City seemed to be the most 
appropriate location for the research stay. On one hand, in 2007 the City enforced the Noise Code 
updated for the first time in 30 years to address “public health, comfort, convenience, safety, welfare 
and the prosperity of the people of the city.” (13). On the other hand, it is home of very innovative 
                                                        
1 antonella.radicchi@tu-berlin.de. 
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projects on noise monitoring - such as SONYC (5)   and  “Citygram NYC Sound Mapping” (14) - 
and of programs on noise education - such as the “Sound and Noise Module” recently adopted by the 
NYC Department of Environmental Protection (15). There is also evidence of a certain interest on the 
issue of quiet areas: the NYC Department of Parks and Recreation has designated official “quiet zones” 
where regulated uses are prescribed. Furthermore, in 2013 the New York Times launched the Finding 
the Quiet City project: a public call to New Yorkers to crowdsource quiet pockets in the city, which 
resulted in more than 800 entries.  

The study was conducted in New York City (USA) between February and May 2019 with the aim 
of: studying current policies and regulations related to quiet areas; researching state-of-the-art projects 
across the fields of urban design, placemaking and acoustics, which can positively impact the sonic 
quality of urban public spaces; conducting field work to study existing and potential everyday quiet 
areas in Manhattan; and disseminating the soundscape concept and methods (1, 16) among scholars, 
professionals, activists and the public. 

In detail, this paper outlines the research methods and dissemination activities conducted in New 
York, such as desk research, interviews with stakeholders and on-field data collection through 
soundwalks and the use of the Hush City app. It discusses preliminary results, focusing on the outputs 
of desk research, interviews and the soundwalk conducted for the 2019 International Noise Awareness 
Day. In conclusion it reflects on the application of standardized methods to study everyday quiet areas 
in densely populated, large cities, such as New York and outlines future research directions. 

2. RESEARCH METHODS AND DISSEMINATION ACTIVITIES 
Within the context of the four-month research stay in New York, research and dissemination 

activities were conducted according to a work plan defined in advance (see Table 1). They included: 
desk research, interviews with stakeholders, in-situ data collection through soundwalks and fieldwork 
activities as well as the organization of a workshop at the New York University and two presentations 
at international conferences in the US. 

 
Table 1: Work Plan of the research study in New York (USA) 

 
Desk research was conducted throughout the duration of the research stay to collect information 

on the state of the art of policies and projects on noise, quiet areas and sustainable urban design and 
planning, with a focus on the city of New York. Documents accessed included: national and NYC 
policies on noise, NYC regulations on quiet areas, policies, documents and projects addressing city 
planning, urban mobility, sustainability, privately-owned public spaces (POPS) and public spaces and 
alike. Literature review was also conducted to find relevant publications, including papers and books. 
Data collected through desk research were exploited to design the questions for the interviews with 
stakeholders as well as to define and verify fieldwork activities, following an iterative model. 

Twenty-seven interviews were conducted with stakeholders from the academic, public, not-profit 
and private sectors. The list of potential interviewees was prepared in advance before the start of the 
research stay and it included leading experts in the field of noise, health, citizen science and urban 
planning, activists and representatives of NYC Departments, not-profit organizations, urban design 
and engineering firms and foundations supporting sustainable urban programs. In the case of 
interviews with public official of the NYC Departments a list of questions was provided prior to the 
interviews. The kind of questions varied according to the area of specialism of the interviewees and 
they were open-ended. Data collected through the interviews were used to orientate and double-check 
fieldwork activities. 

From March to May 2019, in-situ data collection was conducted in existing and potential urban 
quiet areas mainly in the Manhattan Borough through fieldwork activities conducted by the author 
and group soundwalks guided by the author. The list of urban quiet areas included the NYC official 
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“quiet zones” and potential new quiet areas, which were identified during the course of the study 
through desk and fieldwork research and insights given by the interviewees and the participants in the 
soundwalks. 

Fieldwork activities were mainly conducted by the author in 70+ POPS and public spaces in the 
borough of Manhattan, from Harlem down to Lower Manhattan, e.g. in Harlem, Morning Heights, 
Central Park, Upper West Side, Midtown, Chelsea, West and East Village, NO.LI.TA, Little Italy, 
Soho, Bowery and Lower Manhattan. Other public spaces were inspected in Brooklyn. Data were 
collected by means of pictures, sonicshots (short videos of up to twenty seconds), observational notes 
and sketching, when the site design was relevant to the creation of small islands of quietness. The 
POPS and public spaces, which could be considered as potential quiet areas, were also mapped by 
using the Hush City app - a mobile app for iOS and Android which allows the crowdsourcing of mixed, 
geo-referenced and time-stamped data of quiet areas linked in real time to a web-based, open access 
platform (17, 18). Mixed data collected with Hush City app at the quiet areas include: audio recordings, 
sound level measurements, pictures and personal responses, given by replying to the pre-defined 
questionnaire embedded in the Hush City app, which is composed of twenty questions addressing the 
multifaced aspects of the environmental experience (18). 

 In-situ data collection was conducted also by means of three group soundwalks in the West Village 
(Soundwalk no. 1 and no. 2) and in Little Italy (Soundwalk no. 3) in Manhattan, New York. 

A soundwalk is “a walk in an area with a focus on listening to the acoustic environment” (16): as 
an educational and research practice, it was firstly experimented in the 1960s by Michael Southworth 
and in the 1970s by the members of the World Soundscape Project (19, 20, 21, 22, 23). Since the early 
examples of soundwalks, scholars and practitioners have explored a huge variety of methods within 
the arts and humanities, social sciences, ecology studies and engineering (24, 25, 26, 27). More 
recently, soundwalks as a method of conducting scientific research have been defined by the ISO norm 
on soundscape with the aim of unifying its application, thus facilitating comparative studies (16, 28). 

The three soundwalks were conducted with the goal of collecting data of existing and potential 
quiet areas in Manhattan, and raising awareness on the importance of protecting quiet areas as an 
effective measure to reduce exposure to noise pollution and enhance the benefits of accessing and 
spending time in public spaces and green areas in the midst of noisy Manhattan. 

Soundwalks no. 1 and no. 2 were conducted within the context of the activities promoted by the 
Acoustical Society of America for the celebration of the International Noise Awareness Day 2019 
(INAD2019) (29) and they were supported by the NYU Professor Tae Hong Park and noise expert Dr. 
Arline Bronzaft. 

Soundwalk no. 1 took place on April 8th 2019 at 1 PM in the Washington Square Park area (West 
Village): it was guided by the author with the NYU Professor Tae Hong Park and noise expert Dr. 
Arline Bronzaft and a group of five NYU graduate and PhD students. Participants were guided along 
a pre-defined path and they used the Hush City app to evaluate and collect data at the three quiet areas 
(locations) along the path. At the end of the soundwalk, a group discussion took place and Dr. Bronzaft 
reported on the history and evolution of noise policies and activism in the US and NYC. 

Soundwalk no. 2 took place on April 24th 2019 at 1 PM in the Washington Square Park area (West 
Village), within the context of the workshop organized at New York University (NYU) for the 
celebration of INAD2019 (see below). The soundwalk was guided by the author and it was open to 
the public. It was attended by twenty-three participants, attendees of the NYU workshop and other 
people interested in the soundwalk, who were guided along a pre-defined path and invited to evaluate 
and collect data at the three potential quiet areas (locations) along the path, by using the Hush City 
app. At the end of the soundwalk, a group discussion took place and paper forms were distributed 
among the participants to collect written open-ended feedback on the soundwalk. 

Both the soundwalk no. 1 and no. 2 were conducted along the same pre-defined path, composed of 
three locations, where the group stopped, listened to the environment for several minutes and 
afterwards collected data by using the Hush City app. The locations were selected so as to make the 
participants evaluate the potential quiet areas and experience diversity in terms of location size and 
morphology, activities and acoustic environments. The three potential quiet areas (locations) were: 
Washington Square Park (Location 1), Winston Churchill Park (Location 2) and the Sasaki Garden 
(Location 3) (see Figure 1).  
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Figure 1: Images showing the 3 locations of the soundwalks no. 1 and 2. From left to right Washington 

Square Park (Hush City #2187), Winston Churchill Park (Hush City #2199), and the Sasaki Garden (Hush 

City #2210). 
 

Soundwalk no. 3 took place on May 16th 2019 at 5 PM in Little Italy, within the context of the 
Elizabeth Street Community Garden program. The soundwalk was guided by the author and it was 
open to the public. It was attended by seven participants, who were guided along a pre-defined path 
and invited to evaluate and collect data at the three potential quiet areas (locations) along the path, by 
using the Hush City app. At the end of the soundwalk, a group discussion took place and paper forms 
were distributed among the participants to collect written open-ended feedback on the soundwalk. 

The locations were selected so as to make the participants evaluate the potential quiet areas and 
experience diversity in terms of location size and morphology, activities and acoustic environments. 
The three potential quiet areas (locations) were: the Basilica of San Patrick’s Old Cathedral (Location 
1), M’Finda Kalunga Garden (Location 2) and Elizabeth Street Community Garden (Location 3).  

In April and May 2019, dissemination activities were also conducted, including a workshop and 
two presentations given at international conferences in the US. 

On April 24th 2019, the workshop, titled “Noise, Quietness, and the Healthy City” (30) was held at 
the New York University for the celebration of the International Noise Awareness Day (INAD), which 
was founded in 1996 in New York City by the Center for Hearing and Communication (CHC) with 
the aim of raising awareness about noise effects on hearing, physical and mental health, and overall 
well-being of people worldwide.   

The workshop was organized by the author, NYU Professor Park and Dr. Bronzaft, with the support 
of (in alphabetical order): the Acoustical Society of America, Center for Hearing and Communication, 
GrowNYC, HEAD-Genuit Foundation, New York City Department of the Environmental Protection, 
New York University, NoiseGate, Technical University of Berlin, The Quiet Coalition and the Trust 
for Public Land. The workshop was aimed at raising awareness on the importance of reducing noise 
pollution in parallel to protecting quiet areas, as recommended by (3), by engaging the NYC 
community with expert talks and soundwalks that could provide answers to important questions about 
city noise and quiet areas. The workshop was open to the public and it involved a full day of 
community engagement through talks and discussions as well as an outdoor soundscape exploration 
session (i.e. the soundwalk no. 2) around the Washington Square Park area. Participants in the 
soundwalk were guided by the author to listen to West Village soundscapes with a focus on quiet areas 
along a predetermined pathway. Participants were also invited to use the free Hush City app to 
measure, capture, map, and evaluate precious quiet areas (18). The soundwalk was followed by a 
group discussion on data collected from the soundwalk and access to the CHC Mobile Unit offering 
hearing screenings and sound demos. Invited speakers at the morning session included (in alphabetical 
order): Adrian Benepe, Senior Vice-President and Director of National Programs, The Trust for Public 
Land; Arline Bronzaft, Ph.D., Board member, GrowNYC; Nancy Nadler, MED, MA, Deputy 
Executive Director, Center for Hearing and Communication; Tae Hong Park, Ph.D., Professor at New 
York University; Antonella Radicchi, Ph.D., TU Berlin Researcher and HEAD-Genuit Foundation 
Fellow; Charles Shamoon, Esq., New York City Department of the Environmental Protection (DEP). 

In parallel, in May 2019, two presentations were given by the author at two conferences in the US: 
the 177th Meeting of the Acoustical Society of America in Louisville, Kentucky, and at the 50th 
Environmental Design Research Association Conference in Brooklyn, New York. 
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3. PRELIMINARY RESULTS 
Desk research was conducted for the entire duration of the study in parallel to twenty-seven 

interviews with stakeholders from the academic, public, not-profit and private sectors. in the field of 
urban design, public spaces and acoustics.  

With regard to NYC quiet areas, it emerged that they can be designated by the NYC Department 
of Parks and Recreation’s Commissioner as “quiet zones”: areas where “regular and customary use of 
sound reproduction devices shall be prohibited” and “signs shall be posted in all quiet zones advising 
the public of such prohibition” (NYC Department of Parks Rules and Regulations). In terms of 
identification criteria, the NYC Department of Parks and Recreation’s Commissioner may designate 
quiet zones in the parks as the Commissioner deems necessary. This determination is made at the 
Commissioner’s discretion, considering a number of factors including: community input, volume of 
noise complaints, parks features and intended use of the park space. As of May 2019, there are six 
officially designated quiet zones at Central Park, including: Sheep Meadow, Strawberry Fields, 
Conservatory Garden, Shakespeare Garden, East Green and Turtle Pond. The historic list of “Quiet 
Zones on Parkland” provided by the Commissioner during the interview also included six quiet zones 
in Manhattan (where no signs are posted, based on the survey made by the author), one quiet zone in 
the Bronx, two quiet zones in Brooklyn, six quiet zones in the Queens and three quiet zones at Staten 
Island. However, as reported during the interview, many previous quiet zones are no longer designated 
as such and the reason remained unclear. Parks Enforcement Patrols are empowered to enforce all 
posted rules in the parks including the Quiet Zones, although the monitoring of the Quiet Zones is 
predominantly complaint-driven. 

From desk research and interviews conducted, a number of projects and policies were identified as 
relevant for the creation of quiet areas and healthy public spaces, the reduction of noise pollution and 
the raising of civic awareness, such as: the NYC DEP’s Sound and Noise Module for school children, 
from the lower grades through high school, that would teach them about the beauty of good sounds 
and the dangers of loud sounds and noise (15); the NYC Plaza Program which aims to ensure that all 
New Yorkers live within a 10-minute walk of quality open space; the NYC People Priority Zones 
Program which will create car-free zones via a pilot project in Lower Manhattan; the NYC Parks 
without Borders Program which is aimed at making the parks more inclusive and open to the public 
by redesigning their borders and proximity areas; the NYC Congestion Pricing Plan which will impose 
fees on vehicles that enter Manhattan below 60th Street and use the fees to fix the city’s subway 
system and thin out streets that have become strangled by traffic; the SONYC project (5) which has 
been monitoring noise and its impact on people, by means of a sensors-based network and a citizen 
science mobile app (which will be launched by the end of 2019); the implementation of Mack LR all-
electric garbage trucks, planned to be tested on the streets of New York City in 2020; the NOISY 
project, an AI Powered Automated Airplane Noise Reporting System that can automatically send noise 
complaints to participating local airports and, even more importantly, save evidential data for future 
use (32). 

In-situ inspection and data collection of existing and potential quiet areas was made in March, 
April and May 2019 via fieldwork activities and three soundwalks. 

Fieldwork activities were conducted by the author in 70+ POPS and public spaces in the borough 
of Manhattan, from Harlem down to Lower Manhattan. The POPS and public spaces, which could be 
considered as potential quiet areas, were also mapped by using the Hush City app, and they will be 
used to create a report of everyday quiet areas in Manhattan (in progress). 

In parallel, three soundwalks were conducted between April and May 2019 in Manhattan with 
overall 30+ participants. In detail, soundwalk no. 2 held on April 24th 2019 for INAD2019 was 
attended by twenty-three participants, including a hearing-impaired person. Participants were given 
the possibility to map and evaluate the potential quiet areas along the path by using the Hush City app 
(18). In terms of user behavior, preliminary results show that out of the twenty-three participants, 
fifteen used the Hush City app during the soundwalk collecting overall thirty-one datasets. In detail, 
twelve participants used the app at the Location no. 1, nine participants at the Location no. 2 and ten 
participants at the Location no. 3. Users #4038, #4039, #4042, #4071 and #4072 used the app at all 
the three locations (see Table 2). One participant (user #4072) collected three additional datasets after 
the end of the soundwalk, presumably on their way back home. 

Due to the limited amount of data, a qualitative approach was applied to evaluate the perception 
of the potential quiet areas by the participants who used the Hush City app’s questionnaire to evaluate 
the three locations. Table 2 shows the participants’ replies to question no. 3 and no. 4 of the survey 
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embedded in the Hush City app. Location no. 1 was perceived “lively” by the majority of the Hush 
City app’s users and it was rated as “not quiet” and “slightly quiet”. Location no. 2 was rated as “fairly 
quiet” and positively perceived by the app’s users: the majority of the semantic descriptors chosen 
were indeed positive, i.e. “relaxing”, “familiar”, “pleasant”, “lively, “meaningful”, “natural”. Only 
one app’s user perceived the location as “confusing”. Location no. 3 was rated as “quiet” and “very 
quiet” by the majority of the Hush City app’s users and very positive semantic descriptors very chosen 
accordingly, i.e. “pleasant”, “relaxing”, “beautiful”, “preferred”, “familiar”. However, one user 
perceived the location as “boring”. 

 
Table 2: Preliminary results of the data collected by the Hush City app’s users at the three locations during 

the soundwalk no. 2 conducted on April 24th 2019 at 1 PM in the West Village, New York. 

 
At the end of the soundwalk, paper blank forms were given to the participants to invite them to 

write down their thoughts and comments on the soundwalk. Out of the twenty-three participants in 
the soundwalk, sixteen filled the forms in and returned them. A qualitative approach to data synthesis 
was applied to evaluate the written feedback provided by the participants at the end of the soundwalk. 
Preliminary results show that the participants “really appreciated” the soundwalk and through it they 
“discovered new quiet spaces in the city”. For a former resident of the neighborhood the soundwalk 
was” a chance [to experience] emotions and memories”. For another participant the soundwalk favored 
“an understanding of [their] own aural experience”. The selection of the locations was considered 
“very focused on quiet” and appropriate, “distinguishing the many aspects of sounds within few 
blocks”. The app was defined as a tool “that could be used to be part of a social change” and “a good 
[one] for children too”, and the “use options that the app has” and its “user-friendliness” were 
appreciated by the participants in the soundwalk. A participant suggested to “bold/enlarge the text” of 
the app. A “practitioner in the city” found “the app and the approach useful and helpful in 
understanding the importance of subjective environmental acoustic awareness”. Participants who 
could not use the app took advantage of the paper forms to provide feedback on their favorite location, 
the third one, defined as “the quietest”. The participation of a hearing-impaired person in the 
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soundwalk raised methodological issues among the participants. For example, a participant reported 
questions related to “what we could learn from the individuals with hearing loss” and whether “we 
could structure a perceptive walk for those who don’t experience the sonic environment in the same 
way as those with hearing abilities”. The hearing-impaired person reported that they “focused on the 
birds, birds and water going up and down. [They] enjoyed seeing New York newly and […] loved the 
blowing trees, birds and another symbols (signs) of nature. […] [They] applaud what [the soundwalk’s 
leader, i.e. the author] is doing”, suggesting to “write a book […]. Sound it out. Found that sound!”. 

4. CONCLUSIONS 
This paper presented a research study conducted by the author in New York between February and 

May 2019 where the soundscape approach (1, 6) was applied to study existing and potential everyday 
quiet areas (4), by means of: desk research, interviews with stakeholders and on-field data collection 
through soundwalks and the use of the Hush City app (18).  Preliminary results were discussed, 
focusing on the outputs of desk research, interviews and the soundwalk guided for the 2019 
International Noise Awareness Day. From the latter, the validity of soundwalks as research and 
dissemination methods emerged. The use of the Hush City mobile app was also found appropriate by 
the participants in the soundwalk as a tool that can facilitate the collection and sharing of mixed data 
and “that could be used to be part of a social change”. Challenges regarding the use of the app under 
not-controlled conditions were noted, i.e. for the soundwalk no. 2 led with the big group of participants, 
where data collection was not consistently performed by each participant at each location along the 
soundwalk’s path. However, considering the increasing trends in the use of mobile apps for collecting 
mixed data in the field of soundscape, citizen science and urban design and the extent to which these 
tools can facilitate public participation (31), it is recommendable that the design, building and 
implementation of mobile apps are standardized by ISO norms on soundscape research. The 
participation of a hearing-impaired person in the soundwalk raised methodological issues, opening up 
potential new research paths addressing “perceptive walk” as a standardized method for those who 
are hearing- and visually-impaired. Further research addressing this gap of knowledge is advisable, 
especially within the context of ISO norms. These advancements could contribute to the definition 
and development of methods and tools to plan healthier, quieter and more inclusive cities.  
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ABSTRACT 
One of the methods to analyse a soundscape is by reproducing the acoustic environment. The acoustic 
environment reproduction usually conducted using multi-speaker systems in a laboratory. The experiment 
usually conducted individually resulting limited respondent of the experiment. A web-based experiment is 
one of the alternatives to do the soundscape study. By using the internet, the experiment can be done easier 
with more respondents.  
The experiment using the internet usually conducted using an online questionnaire which can play a stereo 
sound or a video. In this study we are testing the validity of XY, Mid-Side, and Head Tracking decoders to 
reproduce acoustic environments using headphones. The XY and Mid-Side decoders were used to decode 
B-Format signals to stereo signal which can be played directly by the online questionnaire. The head tracking 
system is used to represent the experiment conducted using Youtube 360 of Facebook 360. 
Analysis based on semantic score indicates that the listening test conducted using stereo decoders can gives 
the similar score with the listening test conducted using ambisonic reproduction system. Further analysis 
using semantic differential analysis shows that the experiment conducted using Mid-Side decoders can 
deliver the same soundscape dimensions with the in-situ experiment.  
 
Keywords: Soundscape Reproduction, Headphones, Internet, Stereo Decoder 

1. INTRODUCTION 
Soundscape analysis is conducted using three methods: in-situ experiment, laboratory experiment 

and recalled in memory (1). The in situ experiment gives the best result in term of the validity of the 
experiment although it has the problem in the repeatability of the research (2). 

The laboratory experiment has become another alternative for soundscape experiment. It usually 
conducted in three methods: by reproducing the acoustic environment (3), by simulating the acoustic 
environment (4,5), and by composing the acoustic environment (6,7). Those three methods implement 
ambisonic reproduction system to reproduce the sound in the lab.  

Soundscape experiment using soundscape reproduction has been validated using semantic 
categorisation (8,9) and semantic differential analysis (3,10).  The reproduction system verified by 
comparing the response in the laboratory condition to the original soundscape. Using semantic 
categorisation, Guastavino et al. compare stereo reproduction, two-dimensional ambisonic system and 
three-dimensional ambisonic system and suggest that the two dimensional ambisonic system is 
suitable for acoustic environment reproduction (8). 

Another study also compares the soundscape dimension from ambisonic reproduction system. 
Davies et al. reproduce urban acoustic environment using three dimensional ambisonic (10) resulting 
the same dimension from Kang’s experiment(11): Relaxation, Dynamic, Communication, and Space. 
Sudarsono et al. use the same method to compare the soundscape dimension in situ and in the 
laboratory experiment using two-dimensional ambisonic system resulting three soundscape dimension, 
which is consistent on both of the experiment: Relaxation, Dynamic, and Communication (12). 

The laboratory experiment has an advantage in the repeatability of the experiment. However, since 
the sonic environment needs to be reproduced using the many speakers, a room with acoustic treatment 
is needed to build the system. The experiment must also be conducted individually in the room where 
the system is installed.  

Another alternative of conducting soundscape research is by using headphones (13–16). The study 
                                                        
1 anugrah@tf.itb.ac.id 
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using headphones has some advantages: the experiment can be conducted everywhere, the 
participation of the study can get higher than the laboratory experiment, and the  system set up is 
simpler than the experiment using ambisonic reproduction system. Furthermore, the soundscape 
experiment using headphone open the possibility to do the experiment using the internet using online 
questionnaire (17). 

There are two ways to reproduce the acoustic environment by the internet: stereo reproduction, and 
virtual reality. The stereo reproduction is a common method to reproduce sound in an online 
questionnaire and the virtual reality reproduction can be done using Youtube 360 or Facebook 360.  

In this study, comparison between XY, Mid-Side, and Head Tracking is done in order to understand 
which decoders are suitable to do web-based listening test using headphone. The XY and Mid-Side 
decoders are used to decode B-Format signals to stereo signal which can be played directly by the 
online questionnaire. The head tracking system is used to represent the experiment conducted using 
Youtube 360 of Facebook 360. 

2. METHODS 

2.1 Acoustic Environment Recording 
The A4 standard paper size will be used for all Conference papers with all margins set to 25 mm. 

This setting and other settings are automatically set if this template is used in Microsoft Word.  
Please do not insert any page numbers. Do not include anything in the headers or footers except for 

the footnotes for e-mail addresses on the first page of the manuscript. 
Four acoustic environment recordings were recorded in a stationary position using Soundfield 

ST-250 microphone and Roland R-44 digital recorder in Manchester city centre area. The entire 
acoustic environment is recorded in B-Format which consist of four outputs (W, X, Y, and Z). The 
location and description of the recording used in the experiment are shown in Table 1.  

Table 1-Description of recording's locations 
Locations Descriptions Dominant Sound Sources 
Market Street Outdoor shopping lane surrounded by two 

floors shopping building; selected because the 
space represents urban soundscape without 
traffic noise. 

Hubbub and live music 

St Ann Square Pedestrianized square; away from traffic; 
mixed-use building around the space; two 
natural sound objects appear: water fountain 
and birds chirping; selected because this space 
has natural sound objects 

Water fountain 

Piccadilly Garden Open public space; main bus and tram stops; 
selected because the space represents urban 
soundscape with traffic noise; 

Live music, hubbub, and traffic 
noise 

Food Market at Piccadilly Garden Open public space; main bus and tram stops; 
busy food market; selected because in this 
space, the traffic noise is masked by the sound 
of hubbub. 

Hubbub, live music, and traffic 
noise 

 

2.2 Experiment 
The experiment was conducted to analyse the soundscape reproduced by a different decoders, 

which could be implemented in web-based listening test. Three decoders were used in this experiment: 
Mid-Side decoder, XY decoder and head tracking decoder. The Mid-Side decoder used in this study is 
the Voxengo MSED VST Plug-in (18), the XY decoder used in this study is Soundfield SurroundZone2 
VST Plug-in(19), and the head tracking decoder used Nx Ambisonic head tracker system from Waves 
(20). The sound level of reproduction is calibrated to the level 9.5 dB lower than the actual sound level.  
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Figure2 -Signal Decoding implemented in the experiment 

 
The experiment was conducted using AKG K550 headphones in a quiet room. Fifteen participants 

(eight males and seven females, average age: 24.8, SD: 5.3) joined the experiment voluntarily. The 
entire participants were bachelor, master, and post-graduate students of Engineering Physics 
Department of Institut Teknologi Bandung. The experiment was conducted individually and last for 
about 45 minutes. 

The entire participant listened to four recordings (decoded using three decoders) through the 
headphones and requested to fill the semantic scales made by Microsoft Excel as shown in Figure 3. 

 

 
Figure 3-The interface of questionnaire 

 
The semantic scales are the scale used in the previous study about the validation of soundscape 

reproduction using ambisonic reproduction system (12). The scale was developed based on the study 
conducted by Kang et al. (21). 

The calibration of the reproduction system was done using Dummy Head GRAS 45BB KEMAR 
Head and Torso to the level that represents -9.5 dB below the actual level. The calibration concept is 
based on the previous study about the effect of the sound level ad justment to the perception of the 
acoustic environment reproduction (12). This method has been validated in the previous study (22) 

3. ANALYSIS 
The effect of stereo decoder variation to the soundscape is analysed using two methods: score 

comparison and principal component analysis. The result of this study then compared to the previous 
experiment result using two-dimensional ambisonic system (12). 

The first score is analysed using Analysis of Variance (ANOVA) between the score of semantic 
scales from four recordings reproduced using three stereo decoders. ANOVA shows that the difference 
between three stereo decoders (XY, Mid-Side, and Head Tracking) in general are not significant. Only 
the score of the scale of quiet from Piccadilly Garden (sig. 0.024), the scale of hard from Food Market 
(sig. 0.011) and the scale of directional from Food Market (sig. 0.032) indicate significant difference 
due to the stereo decoder variation. 
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Further analysis is conducted by comparing the average value of the perception according to the 
decoder variation with the result from the perception of the same acoustic environment reproduced by 
two-dimensional ambisonic reproduction. The mean comparison is shown in Figure 4. In general, the 
perception of the headphones reproduction and ambisonic reproduction is similar.   

 

  
Figure 4-The average rating of soundscape dimension for different decoders 

 
The semantic differential analysis is implemented to analyse the soundscape dimensions from the 

sonic environment recording. The Principal Component Analysis (PCA) from XY decoder experiment 
shows three reliable (Cronbach Alpha > 0.7) soundscape dimensions as shown in Table 2: 

 The dimension related to the perception of dynamic and communication (33%). The dimension 
is represented by the semantic scale of Quiet, Gentle, Social, Communal, Calming, Smooth, 
Hard, Fast, Sharp, Varied, and Far. 

 The dimension related to the perception of relaxation (21%). The dimension is represented by 
the semantic scale of Comfort, Pleasant, Natural, Like, Gentle, Calming.  

 The dimension related to the perception of meaningful (10%). The dimension is represented  by 
the semantic scale of Boring, and Meaningful. 

The soundscape dimensions from the experiment using XY decoders shows a different result from 
the in-situ experiment and the laboratory experiment using ambisonic system (3). The in-situ 
experiment shows three reliable soundscape dimensions: Relaxation (24%), Dynamic (14%), and 
Communication (11%). The laboratory experiment using the ambisonic system also shows three 
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reliable soundscape dimensions:  Relaxation (32%), Dynamic (18%), and Communication (12%). 
The first dimension in the experiment using XY decoder is a combination of the dimension of 

dynamic and communication in the in-situ experiment. This dimension also represents the perception 
related to the sound object.  The result indicates that the participant mainly relates the perception to 
the sound reproduced by the headphones and not the emotional aspect.  

The experiment using the XY decoder shows that although the ANOVA shows the variation of 
different headphones is not affecting the perception much, the PCA shows different soundscape 
dimension. This result indicates that people react differently compared to the in -situ condition. 

 
Table 2-Principal Component Analysis result of XY, Mid-Side, and Head Tracking Decoders 

 

 

Component 

33% 21% 10% 7% 

PCA XY Decoder (N= 84, KMO index 0.762,  

Bartlett’s test of sphericity sig. 0.000) 

Comfort .794 

Quiet -.764 

Pleasant .847 

Natural .680 

Like .869 

Gentle -.610 .533 

Boring -.875 

Social .815 

Communal .828 

Meaningful .832 

Calming -.573 .691 

Smooth -.737 

Hard .761 

Fast .723 

Sharp .755 

Varied .758 

Reverberant .752 

Far -.672 

Directional .668 

Cronbach's Alpha 0.93 0.91 0.75 0.28 
 

 

Component 

34% 13% 12% 8% 7% 

PCA Mid-Side Decoder (N= 84, KMO index 0.781,  

Bartlett’s test of sphericity sig. 0.000) 

Comfort .830 

Quiet .736 

Pleasant .847 

Natural -.716 

Like .869 

Gentle .873 

Boring -.610 

Social .771 

Communal .756 

Meaningfull .632 

Calming .797 

Smooth .779 

Hard -.757 

Fast .525 

Sharp .661 

Varied .545 

Reverberant .902 

Far -.817 

Directional -.506 

Cronbach's Alpha 0.94 0.73 0.83 0.22 0.29 
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Component 

23% 21% 15% 9% 8% 

PCA Head Tracking Decoder (N= 84, KMO index 0.718,  

Bartlett’s test of sphericity sig. 0.000) 

Comfort .819 

Quiet -.591 .552 

Pleasant .829 

Natural .703 

Like .855 

Gentle .761 

Boring -.530 

Social .651 

Communal .649 

Meaningful .756 

Calming .572 

Smooth .831 

Hard .604 -.566 

Fast .702 

Sharp .868 

Varied .896 

Reverberant .668 

Far -.701 

Directional .847 

Cronbach's Alpha 0.88 0.88 0.86 0.57 0.38 

 
The PCA from the experiment using Mid-Side decoder shows three reliable (Cronbach’s 

Alpha>0.7) soundscape dimensions as shown in Table 2: 
 The dimension related to the perception of relaxation (34%). The dimension is represented by 

semantic scale of Comfort, Quiet, Pleasant, Like, Gentle, Calming, Smooth, Hard. 
 The dimension related to the perception of dynamic (13%). The dimension is represented by 

semantic scale of Boring, Fast, Sharp, and Far. 
 The dimension related to the perception of communication (12%). The dimension is 

represented by the semantic scale of Social, Communal, and Varied.  
The soundscape dimension from the experiment using Mid-Side Decoder shows the similar 

soundscape dimension to the in-situ and the laboratory experiment using ambisonic system: 
Relaxation, Dynamic, and Communication. Furthermore, the order of the dimension also consistent 
with the in situ and the validated laboratory experiment. 

The dimension of Relaxation in this experiment shows the similar variance to the laboratory 
experiment using ambisonic system (38% in the validated laboratory experiment and 34% in our 
experiment. The dimension of dynamic variance shows 5% difference in the variance of the validated 
laboratory experiment. The dimension of communication shows the same variance  to the dimension of 
communication in the validated laboratory reproduction experiment.  

The Mid-Side experiment shows that the reproduction system can reproduce the similar soundscape 
dimension to the in-situ condition and the validated laboratory experiment. This result shows that the 
Mid-Side Reproduction system is adequate to be used in soundscape experiment.  
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The experiment using head tracking decoder shows three reliable (Cronbach’s Alpha > 0.7) 
soundscape dimensions as shown in Table 2: 

 The dimension related to the perception of dynamic and communication (23%). The dimension 
is represented by the semantic scale of Quiet, Boring, Social, Communal, Hard, Fast, Sharp, 
and Varied. 

 The dimension related to the perception of relaxation (21%). The dimension i s represented by 
the semantic scale of Comfort, Quiet, Pleasant, Natural, Like, and Calming.  

 The dimension related to the perception of smoothness (10%). The dimension is represented 
by the semantic scale of Gentle, Smooth, and Hard. 

The soundscape dimension from the experiment using head tracking decoder shows the similar 
result to the experiment using XY decoder. The result shows different perception to the in -situ 
experiment and the validated laboratory experiment. The result of this experiment is  consistent with 
the experiment using XY decoders, which are dominated by the perception related to the rating of the 
sound objects. 

Many study regarding soundscape dimension’ study has determined several soundscape dimensions. 
Although there is some soundscape dimensions difference, the first dimension always represents the 
emotional aspect: relaxation, pleasantness, calmness, and emotional assessment. The sonic 
environment reproduction using headphones and Mid-Side decoder shows the same characteristic with 
the other soundscape dimension. Furthermore, the soundscape dimensions are consistent with the 
in-situ experiment conducted by Kang et al. (11) and Sudarsono et al. (3). 

4. CONCLUSIONS 
The study has compared three stereo decoders for soundscape reproduction using headphones: XY 

decoder, Mid-Side Decoder and Head Tracking Decoder. This study shows that the Mid-Side decoder 
is suitable for soundscape reproduction based on the semantic scales score comparison to the validated 
reproduction system. Furthermore, analysis using semantic differential analysis shows the same 
soundscape dimensions with the in-situ experiment and the validated soundscape reproduction: 
relaxation, dynamic, and communication. Hence, this result shows that the soundscape experiment 
using headphones using Mid-Side Decoder can be a good alternative in soundscape study especially 
the experiment conducted using the internet. 
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ABSTRACT 
Soundscape research has long been exploring factors/indicators that would impact human perception, 
emotional assessment, behaviour, etc. Since soundscape is intrinsically a complex system, a wide variety of 
factors have been suggested by intensive studies and also ISO/TS 12913-2 standard, ranging from acoustics, 
psychoacoustics, sound source composition, to demographics, and other personal/social/cultural factors. To 
examine subsequently the quantitative relationships between such factors and impacts/effects of soundscape, 
data statistical methods are essential. A wide range of statistical methods have been commonly used in 
soundscape studies corresponding to different specific research tasks, e.g. correlation analysis, analysis of 
variance, factor analysis and cluster analysis. While soundscape is affected by not only any single factor but 
multiple factors simultaneously and interactively, this paper focuses on a statistical method, regression 
analysis, that can investigate multiple variables to study the relationships and predict soundscape effects from 
multiple possible factors. This paper provides a brief review of a set of regression analysis methods, which 
are used for analysing different types of variables, e.g. continuous, ordinal and nominal. It then exemplifies 
the methods with a number of regression models from previous soundscape studies, particularly on 
subjective soundscape assessments (namely soundscape descriptors, e.g. pleasantness, satisfaction, and 
comfort), which is a crucial part in soundscape research. 
 
Keywords: Soundscape, Regression analysis, Multiple variables 

1. INTRODUCTION 
Soundscape research has suggested that sound environments have impacts on human perception, 

cognition, emotion, behaviour, health and well-being, etc. (1). Soundscape studies investigated such 
impacts/effects due to different sound environments (2). For example, a large number of soundscape 
studies focused on people’s subjective perceptual and emotional responses/assessments of sound 
environments, such as pleasantness, satisfaction, and comfort, which were defined as soundscape 
descriptors in ISO/TS 12913-2 standard (3), and formed a substantial part of soundscape research. 

The effects of sound environments would be caused by a wide variety of environmental factors, as 
well as human factors that might explain the individual differences in responses. The factors, explored 
by previous soundscape studies and suggested by ISO/TS 12913-2 standard (3), include acoustic and 
psychoacoustic indicators (e.g. equivalent sound pressure level LAeq and LCeq, percentage 
exceedance levels LA5 and LA95, psychoacoustic loudness, sharpness, tonality, roughness, and 
fluctuation strength) (4), sound source compositions, visual factors of environment, demographic 
factors (e.g. age and gender) and other personal/social/cultural factors.  

Soundscape research attempts to establish the relationships between the soundscape effects and 
factors, to study the influences of the factors on various soundscape effects, or to predict soundscape 
effects/responses from the factors (e.g. use indicators to predict soundscape descriptors). To achieve 
these in a quantitative way, data statistical methods are essential. A wide range of statistical methods 
have been used in soundscape studies according to different specific research tasks, e.g. correlation 
analysis, analysis of variance, factor analysis and cluster analysis. Since soundscape is intrinsically a 
complex system, effects of sound environments are caused by not only any single factor but multiple 
factors simultaneously and interactively. To study such relationships, statistical methods that can deal 
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with multiple variables need to be used.  
Among the statistical methods or machine learning methods that can investigate multiple variables, 

e.g. regression analysis, fuzzy logic model and artificial neural network, this paper focuses on 
regression analysis which have been commonly used in soundscape studies. The following of this 
paper firstly discusses the types of variables (for both impacts and factors), and then provides a brief 
review of the regression methods for analysing the different types of variables. Finally, it exemplifies 
the methods with a number of regression models of subjective soundscape assessments, namely 
soundscape descriptors, from previous soundscape studies.  

2. SOUNDSCAPE VARIABLES (E.G. DESCRIPTORS AND INDICATORS) 
In statistics, a variable is something that varies between individuals or items. All the soundscape 

impacts and factors can be variables. The variables to be studied or predicted by other variables are 
called dependent variables, frequently the soundscape impacts or soundscape descriptors. The 
variables used as factors to predict the dependent variables are called independent variables, 
frequently the acoustic and psychoacoustic indicators or other soundscape descriptors. Statistical 
methods attempt to analyse the relationships between variables or the effects of independent variables 
on dependent variables. 

There are several types of variables, in general categorical and numeric. Categorical variables are 
also known as discrete or qualitative variables. Categorical variables can be further categorised as 
either binary, nominal, or ordinal. Binary or dichotomous variables are variables which have only two 
categories or levels, such as true/false, yes/no (coded by an indicator variable 1/0). Nominal variables 
are variables that have two or more categories, but which do not have an intrinsic order. 
Ordinal variables are variables that have two or more categories just like nominal variables only the 
categories can also be ordered or ranked. Numeric variables are also known as quantitative variables, 
and are either discrete or continuous. Discrete variables can take only a distinct number of values, 
often integers for such as count. Continuous variables can take any real value number within a certain 
range, either interval or ratio. There are overlaps between the different types of variable, e.g. there 
may be dispute about whether an integer variable is discrete numeric or ordinal. In addition, variables 
can sometimes be deliberately rearranged from one type to another, e.g. age (continuous variable) can 
be changed to age group (ordinal variable) (5). 

Table 1 gives some examples of the types of variables used in soundscape research. It is worth 
noting that in some cases, variables can be treated as different types. The choice of the type of a 
variable somehow depends on the case. 

Table 1 – Examples of variable types in soundscape research 

  Continuous  Categorical  

  Interval/ratio Binary Nominal Ordinal 

Soundscape 

descriptors (e.g. 

by semantic 

differential) 

11-point / 7- point •     

5-point    •  

Acoustic and 

psychoacoustic 

indicators 

LAeq / LCeq / LA5 / LA95 / 

loudness/ sharpness / tonality / 

roughness / fluctuation strength 

•     

Sound source 

compositions 

Whether a source present or not  •    

Perceived loudness of a source    •  

Demographic 

factors 

Age group    •  

Gender   •    

Profession   •   
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3. STATISTICAL METHODS: REGRESSION ANALYSIS 
Regression analysis is a set of statistical methods that estimate the relationship between dependent 

variables (Y) and independent variables (X). It produces a function of one or more independent 
variables (with the parameters) called the regression function or regression model, to estimate the 
dependent variable(s). Regression analysis can be used for indicating the effects of independent 
variables on dependent variables, finding the causal relationship between the variables, and predicting 
the dependent variables given the independent variables. Regression analysis is one of the 
fundamental algorithms in the field of machine learning (6). 

The following describes a number of regression methods that have been or would be used in 
soundscape research, according to the number and type of variables.  

3.1 Linear Regression 
Linear regression is one of the most widely used regression analysis in practical applications. 

Linear regression specifies that the dependent variable is a linear combination of the parameters (but 
need not be linear in the independent variables). The case of one independent variable is called simple 
linear regression. When there are more than one independent variable or function of independent 
variable(s), it is called multiple linear regression. 

Linear regression attempts to establish a relationship between a dependent variable and one or more 
independent variables by fitting a linear equation (e.g. a straight line) to observed data. The equation 
is in the form Y=a+b*X, where a is the intercept (a constant term) and b is the slope of the line.   

The regression can be understood simply as finding the parameters of the equation that best fit the 
observed data. The most common method for calculating the best-fitting line for linear regression is 
the method of least squares. This method obtains parameter estimates by minimizing the sum of 
squared residuals of all data, where the residual is the difference between the predicted value of the 
dependent variable by the model and the true value of the dependent variable (6).  

In linear regression, the dependent variable is continuous, whereas independent variable(s) can 
be continuous or discrete, such as binary, nominal or ordinal. 

3.2 Logistic Regression 
Logistic regression (also called logit regression) is a regression analysis in its basic form used for 

predicting a binary dependent variable rather than a continuous dependent variable in linear regression. 
Logistic regression calculates the probability of dependent variable being a case or being a non-case 
(7). 

As a generalized linear regression, what logistic regression does is to convert a binary dependent 
variable into a continuous one, and simulate the continuous one through a linear regression. To do this, 
logistic regression takes the logit function log[p/(1−p)], where p is the probability, (i.e. the logarithm 
of the odds (log-odds) where the odds are defined as the probability of being a case divided by the 
probability of being a non-case), to create a continuous criterion as a transformed version of the 
dependent variable, and then calculates the log-odds through a linear combination of one or more 
independent variables. After that, it converts the predicted value of the log-odds back into predicted 
probability via the inverse of the logit function, namely a logistic function (a sigmoid function), and 
outputs a value between zero and one. The regression parameters are usually estimated using 
maximum likelihood estimation. 

The logistic regression model itself simply calculates probability of output, and does not perform 
statistical classification, though by choosing a cut-off value of probability it can be used to make a 
classification.  

The binomial or binary logistic regression has extensions to more than two levels of the dependent 
variable: categorical outputs with more than two values are modelled by multinomial logistic 
regression, and if the multiple categories are ordered, by ordinal logistic regression.  

Like other forms of regression analysis, the independent variables of logistic regression can each be 
either continuous or categorical.  

3.3 Probit Regression 
Analogous to logistic regression, probit regression is also used to predict a binary dependent 

variable. However, probit regression and logistic regression use different link functions (sigmoid 
functions) to transform the binary dependent variable into a continuous latent variable. Instead of the 
logit function in logistic regression, probit regression uses an inverse standard normal distribution of 
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probability and models the latent variable as a linear combination of independent variables.  

3.4 Multivariate Regression 
Unlike the regression methods above which predict one dependent variable, multivariate regression 

is a regression method of modelling multiple dependent variables. It estimates the relationship of the 
independent variables with each dependent variable, in a similar way to regressing each dependent 
variable separately.  

4. PREDICTION MODELS OF SUBJECTIVE SOUNDSCAPE ASSESSMENTS 
Among various soundscape effects, such as perception, emotion, behaviour, health and well-being, 

a number of regression models of subjective perceptual/emotional assessments (as a substantial part in 
soundscape research) from previous soundscape studies are presented in this section, as application 
examples of the above regression analysis methods. 

4.1 Multiple Linear Regression Model 
4.1.1 Sound Quality in Terms of Pleasantness 

Ricciardi et al (8) used multiple linear regression to model the perceived sound quality 
(pleasantness) of soundscape from other perceptual variables. They collected perceptual data from a 
large number (3409) of participants in Paris via smartphone applications. When a participant visited a 
defined location at a defined time (with the GPS and time information recorded on the mobiles), the 
sound pressure levels were recorded and the participant answered a questionnaire covered question 
items in three categories based on 11-point bipolar semantic scales. The first category was related to 
the overall sound environment: Overall loudness (OL), which described the perceived sound level of 
the sound environment at the location, from “quiet” to “loud”; Liveliness (L), from “lifeless” to 
“lively”; Not enveloping (NE), from “enveloping” to “not enveloping”, Sound quality (SQ), from 
“unpleasant” to “pleasant”; Visual amenity (VA), from “unpleasant” to “pleasant”, and Familiarity (F), 
from “unfamiliar” to “familiar”. The second category described the emergent sound sources: perceived 
loudness of such as mopeds (PLM), cars (PLC), horns and sirens (PLH), trucks (PLT) and buses (PLB), 
from “low” to “high”. The third category of parameters dealt with the time of presence of sound 
sources such as traffic (T), voices (V), footsteps (F), birds (B), water (Wa) and wind (Wi), from “rarely 
present” to “continuously present”. 

They treated all the variables as continuous and built multiple linear regression models to predict 
the perceived SQ (sound quality) from the other perceptual variables. They obtained:  

SQ = 4.48 + 0.52VA – 0.27OL + 0.12V – 0.12T (R2
adj=0.52)  

The results showed that the predicted sound quality explained 52% of the variance of the real 
perceived sound quality. A correlation of 0.72 (r=0.72) was obtained between them.   

Without visual amenity, they obtained:  
SQ = 8.11 − 0.38OL − 0.14T + 0.20V + 0.15B (R2=0.34) 
Based on the regression method, they found the factors including perceived loudness of global 

sound environment and the presence time ratio of certain sound sources (traffic, voices, and birds) that 
did not emerge from the background noise significantly influenced the perceived sound quality, and 
could be used to predict sound quality in urban context to a certain extent according to the collected 
data. 

Later, using similar question items on 11-point bipolar semantic scales, Aumond et al (9) collected 
the subjective assessments from 37 participants (in four groups) during an urban soundwalk, at 
different locations along a walk path. Simultaneously, instantaneous 1/3-octave band sound levels and 
audio signals were recorded. 

Again, they performed multiple linear regression (with stepwise optimization) to model the 
pleasantness (P) (similar to sound quality above since using the same bipolar semantic scales) using 
perceptual parameters. They obtained: 

P = 9.70 − 0.47OL − 0.21T + 0.12V + 0.09B (R2=0.58) 
The predicted pleasantness explains 58% of the pleasantness variance, and 90% (R2=0.90) of the 

part pleasantness variance due to the change of sound environment (examined by a multilevel 
analysis). 

Further, they calculated a large set of acoustical indicators from the sound measurements, including 
sound pressure level (L), Zwicker loudness (N), dispersion parameters (e.g. L10-L90, N10-N90), 
standard deviation of sound pressure level, spectrum centre of gravity, number of noise events, 

6125



 

 

normalised time and frequency second derivative (TFSD) (which characterised tonal or harmonic 
sounds such as voices or birds), and spectral flatness deviation. Then, they proposed multiple linear 
regression model to estimate pleasantness based on the most relevant acoustical indicators: 

P = 16.48 − 0.25L50,1kHz + 15.82TFSDmean,500Hz + 16.82TFSDmean,4kHz(1/8s) (R2=0.48) 
The model explains 48% of the pleasantness variance, and 85% (R2=0.85) of the part pleasantness 

variance due to the change of sound environment. 
4.1.2 Tranquillity   

Pheasant et al (10, 11) conducted a series of laboratory studies and used multiple linear regression 
to examine the effects of soundscapes and visual features on the perception of tranquillity of 
environments. They presented audio and visual recordings captured from 11 English rural and urban 
landscapes to 44 volunteers in laboratory. Then, they collected the subjects’ subjective assessments of 
perceived tranquillity of each location on a 11-point scale, and the perceived loudness of five generic 
soundscape components, i.e. human (H), mechanical (M), biological (B), weather (WX), and water 
(WA), on a 5-point verbal scales (“sound source not present”, “quiet”, “moderately quiet”, 
“moderately loud”, and “loud”). 

By including measured LAeq, LAmax, LAmin, LA90, LA10 of the audio recording, the percentage of 
visual natural features (NF) in visual recording, and the perceived loudness of the soundscape 
components in each location as independent variables, they proposed multiple linear regression 
models of tranquillity (TR) as Tranquillity Rating Prediction Tool (TRAPT). Similarly, the perceived 
tranquillity on a 11-point scale was treated as a continuous dependent variable.  

For the audio only experimental condition (with uni-modal auditory stimuli), the prediction 
equations are: 

TR = 9.99 – 0.93LAmax – 0.45PLM + 1.16PLB  
or 
TR = 7.74 – 0.67LAeq – 0.53PLM + 1.19PLB 
where PLM is the perceived loudness of mechanical sounds and PLB is the perceived loudness of 

biological sounds. 
For the audio-video experimental condition (with bi-modal auditory-visual stimuli), the equations 

are: 
TR = 13.93 − 0.165LAmax + 0.027NF (R2=0.52) 
or 
TR = 8.57 + 0.036NF − 0.11LAeq (R2=0.49) 
The results showed that among the factors examined, LAmax or LAeq, and perceived loudness of 

mechanical sounds and biological sounds mostly affected the perceived tranquillity in the audio only 
condition, and LAmax or LAeq, and percentage of visual natural features in the audio-video condition. 

4.2 Multinomial Logistic Regression Model 
In in-situ questionnaire surveys in green spaces of Cáceres, Spain, Rey Gozalo et al (12) collected 

satisfaction assessments of a random sample of 182 adult visitors. They collected each visitor’s overall 
satisfaction with the green spaces, as well as specific satisfactions with the features of cleanliness, air 
quality, noise, aesthetics, safety, users, conservation, location, size, groves, and shade, all of which 
were rated on a 5-point Likert scale from “nothing satisfied” to “very satisfied”. 

They treated the variables as categorical and used multinomial logistic regression (with stepwise 
selection) to study the influence of the specific satisfactions on the overall satisfaction. The likelihood 
ratio showed the satisfactions of noise, users, conservation, and shade features contributed 
significantly to explaining the overall satisfaction. The regression model generated a McFadden R2 of 
0.41, which was considered to have an excellent fit quality. The model could correctly predict 71.4% 
of the cases. 

4.3 Binomial Logistic Regression Model 
Tse et al (13) used binomial logistic regression to predict the acoustic comfort evaluation of urban 

parks from multiple factors and investigate the relative impacts of the factors. They conducted in-situ 
questionnaire surveys with 595 random users in four public parks in Hong Kong. Sound recordings and 
sound level measurements were carried out at the survey spots concurrently. They collected users’ 
responses on subjective perceived sound strength/level (SUB) (“very quiet,” “quiet,” “adequate,” 
“noisy,” and “very noisy”), acoustic comfort (“very uncomfortable,” “uncomfortable,” “neutral,” 
“comfortable,” and “very comfortable”) of soundscape, visual comfort of landscape (LAND), 

6126



 

 

preference for natural sounds (PREFN), preference for anthropogenic and mechanical sounds 
(PREFH) (“very much dislike,” “dislike,” “neutral,” “like,” and “very much like”) on 5-point verbal 
scales, and whether they could hear a particular type of sound from a list of sounds (including sounds 
from insects (INSECT), bird (BIRD), tree (TREE), water flow (FLOW), wind (WIND), bike (BIKE), 
light vehicles (LIGHT), heavy vehicles (HEAVY), talking (TALK), screaming (SCREAM)), as well as 
age group (AGE), gender (GENDER), residency status (RESI), duration of stay in a park (DUR), and 
self-rated auditory sensitivity (AUDIT) (“very bad,” “bad,” “neutral,” “good,” and “very good”). They 
also calculated the acoustic indicator of LAeq (LEQ) from the sound measurements.  

Then, to focus on only high or low acoustic comfort evaluation, they dichotomized the variable of 
perceived acoustic comfort originally rated on a 5-point verbal scale into binary variable, i.e. “low 
acoustic comfort”, referring to a rated response of very uncomfortable, uncomfortable, or neutral, and 
“high acoustic comfort”, referring to a rated response of comfortable or very comfortable. Other 
factors, with an exception of continuous variables such as LAeq, were also dichotomized in the same 
manner. Consequently, they formulated a binomial logit model for predicting the acoustic comfort 
evaluation from the multiple factors studied, and then investigated the relative impacts of the factors 
through the model.  

The results showed a McFadden’s R2 value of 0.26 for the logit model. Based on the model, both 
objective and subjective sound level, existence of sounds from breeze, bikes, and heavy vehicles, 
visual comfort of landscape, residency status, preference for natural sounds, and preference for 
anthropogenic and mechanical sounds, among the various factors, were found to significantly 
influence the acoustic comfort evaluation. 

5. SUMMARY 
The above research studies show that regression analysis is a useful statistical method to study the 

relationship between soundscape effects/descriptors and factors (especially for multiple factors). It 
can be used to find the factors that significantly affect the soundscape effects/descriptors from a set of 
possible factors and produce models to predict the descriptors given the significant multiple factors.  

A number of regression methods are available for analysing different types of dependent variables. 
Table 2 gives a summary of the regression methods frequently used for the different dependent 
variable types. If a dependent variable is continuous, e.g. a soundscape descriptor rated in a 11-point 
scale, multiple linear regression can be used (8-11). If ordinal, e.g. a soundscape descriptor rated in a 
5-point scale, ordinal logistic regression can be used. In certain cases, a continuous or ordinal variable, 
e.g. a soundscape descriptor rated in a 5-point scale, can be also treated as nominal (12) or 
dichotomized into binary (13) according to the specific need of research, for which multinomial 
logistic regression or binary logistic regression can be used respectively.  

Table 2 – Regression methods for different types of dependent variables 

  Continuous  Categorical   

  Interval/ratio Binary  Nominal Ordinal  

Linear regression 
Simple linear regression •     

Multiple linear regression •     

Logistic 

regression 

Binary logistic regression  •    

Multinomial logistic regression   •   

Ordinal logistic regression    •  
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Methodologies for Assessment of Speech and Audio for Optimized 
Quality of Experience 
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ABSTRACT 
Optimized Quality of Experience (QoE) in audio depends on preservation of creators’ artistic 

intentions, from dialog intelligibility to spatial arrangement of sound. Numerous challenges exist in 
measuring audio sensation over new or advanced systems such as mobile audio, spatial audio playback 
systems, and augmented or virtual reality environments. The impact of these systems on dialog, which 
is critical to the success of creative storytelling, requires strategies to  measure and optimize 
characteristics such as clarity, naturalness, and intelligibility of speech. We describe a range of 
experimental approaches to assess and drive audio algorithm development. First, we recognize the 
importance of and expand on classical methodologies such as forced-choice signal detection, methods 
of adjustment, and magnitude estimation to assess or validate system performance, and to understand 
end user preferences and the perceptual metrics underlying them. Second, we have developed a 
framework for objectively capturing spatial and timbral properties of audio used to optimize spatial 
audio systems along salient perceptual parameters most critical for high QoE. Finally, we utilize 
physiological measurements such as pupillometry, EEG, thermal imaging, and electrodermal activity 
to make direct estimations of the relationship between auditory perception and biological and 
neurophysiological states, such as cognitive load during speech comprehension tasks.  

1. INTRODUCTION 
Goals for successful audio delivery include preserving the content creators’ artistic decisions and 

intent during both the origination and presentation of media, and the maximizing of a consumer’s 
Quality of Experience (QoE) across a range of diverse endpoints, from cinemas and high-end home 
theaters to mobile devices and headphones. This is challenging due to the high variability of 
presentation hardware capacity and, frequently, the requirement that media be routed to systems with 
different fundamental configurations. For instance, multi-channel immersive audio may be played 
over a high-fidelity multichannel system, or downmixed for 2-channel transmission over small devices 
like mobile loudspeakers, or downmixed and binauralized for headphone playback, an increasingly 
popular consumption use case. 

This review summarizes some of the methods we employ to assess audio QoE, system performance, 
and the preservation of creative intent. Because experimental objectives will often not include a known 
reference condition against which direct comparisons of quality can be made, precise measuring and 
full visualization data that pertains to different qualitative or quantitative attributes of sound is 
valuable and often critical for understanding system and QoE attributes. When measured and analyzed 
successfully, these data can lead to insights that help tune system performance and audio delivery to 
maximize listener QoE. 

2. METHODOLOGIES FOR THE ASSESSMENT OF AUDIO QoE 

2.1 Traditional Methodologies 
Traditional psychophysical methodologies for assessing audio QoE include longstanding 

experimental techniques such as forced-choice detection, limit detection to determine just noticeable 

                                                        
1 dan.darcy@dolby.com 
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differences (JNDs), mean opinion scores (MoS), methods of adjustment (MoA), and magnitude 
estimation (ME). These well-characterized methods can be powerful approaches to generating robust 
measurements of attributes contributing to audio QoE. 

Forced-choice detection between systems, where a listener is presented stimuli as a two-alternative 
or two-interval selection between which a choice is selected, can be the most precise approach to 
signal detection of differences between systems (Green, 1966). When paired systems are presented in 
the context of what system is preferred, a determination can be made that one or the other system 
elicits a higher audio QoE in the listener for the given audio signal and conditions. This subjective 
evaluation of preference is a sensitive and direct measurement of audio QoE that can be associated 
with objective queries corresponding to audio attributes of interest, or those that are hypothesized to 
play a role in enhancing audio QoE, discussed further below. 

For measurements of one or more parameters that need to be assessed in order to identify the 
preferred value providing the highest QoE, experiments using a method of adjustment (Stevens, 1975) 
framework are useful. Often, these parameters fall along a unitary dimension such as amplitude or 
distance, and this type of experiment allows a listener to map their preferred conditions for parameters 
presented on a continuum. Data are collected to determine optimal values, as well as upper and lower 
values representing acceptable boundaries. Since experiments that directionally adjust along a 
parameter space are prone to hysteresis effects, stimuli are randomly presented in ascending and 
descending order, defining the extent and boundaries of hysteresis. 

Magnitude estimation (ME) is a useful technique for characterizing relationships among the QoEs 
of multiple systems that may be difficult to compare using other approaches such as forced-choice 
tasks, either because the systems are extremely different such that comparisons are confounded by lack 
of overlapping QoE, or often because the number of systems is too large to usefully collect pairwise 
comparison data. In ME experiments, a listener assigns values or ratios corresponding to perceived 
audio QoE for various systems (Stevens, 1956). Using this approach, an understanding of the 
landscape of QoEs across multiple systems and parameters can be developed, with the added 
advantage that additional systems can be subsequently measured and interpolated in relationship to 
any of the system measurements previously collected. 

 

2.2 Extensions to Traditional Methodologies 
We extend the utility of traditional methodologies to complement and enrich visualization of the 

psychophysical data sets we collect, provide additional insights into a given system’s performance, 
and ultimately use these combinations of techniques to optimize audio QoE.  

Forced-choice data can be complemented with measurements of confidence or conviction in the 
choice task being performed. We typically collected ask a listener to rate their degree of confidence in 
their decision on a 0 (no confidence) to 3 (high confidence) scale. These values can be used along with 
forced-choice or rank ordered visualization to indicate the overall confidence in system performance 
selections, or to weight the forced-choice data with confidence measurements (Figure 1, numerical 
values on individual bar graphs). Further, these data can be used to validate that systems overwhelming 
preferred also tend to be favored with high confidence. Interesting insights can occur when pairing  
these data, such as when two systems are preferred about equally. If the confidence data reflects that 
these choices are being made with low confidence, it may be the case that there is little differentiating 
the two. On the other hand, if they are equally preferred with high confidence, this may refl ect strong 
listener preferences that are breaking down across different bases for preference judgement, something 
that may warrant further investigation. 

Another method we typically leverage is to collect forced-choice data capturing metrics with 
objective qualities, such as spatial properties of height, width, spaciousness, externalization, etc., in 
addition to forced-choice data of subjective preference (Figure 1, left to right columns). The objective 
qualities are chosen as the basis for hypotheses about what audio characteristics may contribute to QoE. 
All these data are collected as a panel of questions pertaining to the same trial stimuli being presented 
for a forced-choice task and are analyzed for correlations as discussed below. 
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Figure 1 – An example forced-choice experiment with driving metrics and confidence ratings. Data are from 

4 systems compared pairwise. Questions about subjective preference, and hypothesized driving metrics that 

may relate to preference, are collected. Additionally, confidence ratings on a 0-3 scale are collected and used 

to label the forced-choice outcome at the base of each bar plot. 
 
 
 
We often apply rank ordering models to forced-choice data when more than two systems are 

compared. One common approach for this is the Bradley-Terry (BT) probability model (Bradley, 1952) 
that predicts the outcome of a paired comparison between two given systems for which pairwise data 
has been measured (Figure 2, left five columns). When complete forced-choice comparison data are 
sampled as pairwise comparisons, as we routinely target when testing fewer than around seven systems, 
the probability model is equivalent to the forced-choice data, but the models can also be fit using 
incomplete pairwise sampling. Other probability models similar to BT are also common, such as 
Thurstone Case V, widely used in imaging studies. 

In analysis, per-listener correlation between preference and the hypothesized driving metrics 
leading to preference provides a distribution that gives insight and validation of those relationships 
(Figure 2, right). For example, if spaciousness is considered to be a primary contributor to QoE, then 
the expectation may be that each time a system is judged as more spacious, it is the preferred system. 
This will be revealed as a distribution tending towards a correlation of 1 or 100%. Similarly, if the 
correlation distribution between driving metrics and preference centers around equal chance at 0.5, it 
may be inferred that the metric in question is unrelated to preference or that other differences in the 
systems play a dominant role in judgement of preference. 
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Figure 2 – The colored bar graphs in the left five columns represent Bradley-Terry probability modelling of 

the forced-choice data in Figure 1 to obtain a rank ordered visualization of preference and driving metrics for 

the four systems. The ‘preference prediction’ panel at right describes the correlation between the distributions 

driving metrics and preference. This graph plots the distribution of chance that a system chosen for a given 

driving metric would also be the preferred system. 
 
 

2.3 Assessment of Spatial Attributes in Audio QoE 
Spatial assessment of audio and its contributions to QoE are particularly relevant today as the 

prevalence of multichannel and object-based audio playback and delivery systems increases, in 
addition to the evolution of techniques to effectively binauralize sound for immersive audio over 
headphones and dual-channel devices. Although traditional psychophysics have powerful applications, 
increasingly the spatial assessment of sound requires innovative approaches to measure the variability 
and nuances of a listener’s unique perception of spatial attributes. We use an objective capture 
framework called ADA (“ADaptive Audio”) to characterize spatial parameters of sound and derive 
performance criteria that can be optimized to deliver maximum QoE (Darcy, 2016). 

The ADA system consists of conducting listening experiments using an app running on a tablet in a 
room with visual landmarks, typically concentric rings placed at 18” intervals that indicate distance 
from the listener. The listening subject is situated in the center of the rings holding the table t. Images 
on the tablet correspond to the room the listener is in, including a representation of the visual 
landmarks (Figure 3). Spatial audio stimuli are presented, over headphones or multi-channel 
loudspeaker systems, and the listener is instructed to visually draw his or her impression of sound 
within the room-representation in the tablet. Tools are provided in the app to draw an unrestricted 
representation of sound over time and in 3D space using both orthographic and perspective views. 
Additionally, a score is collected for the timbre of the spatialized sound relative to the non -spatial 
mono downmix version of the content in order to measure effects of spatialization that degrade the 
spectral naturalness of sound (Figure 4, left). 
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Figure 3 – The ADA listening room configuration and app. Listeners are seated in the center of visual 

landmarks presented as concentric rings (left). Sound is presented over headphones or loudspeakers and the 

listener enters their spatial percept of sound on a tablet app that has corresponding orthographic and 3D 

perspective views of the room. 
 
 
Using this system, high-dimensional data in the form of the freely entered drawings, along with the 

temporal dynamics of entry, are captured as the listener’s perceptual response to the presented audio. 
These data can be fit, for instance with ellipsoids, to reduce the dimensionality of the full input of a 
complex cloud of points in space. These fitted data can be further analyzed to derive properties like 
location, and other spatial attributes of sound such as width, dispersion and diffuseness. Trajectories 
can also be captured and analyzed with spline fits. 

 

  

Figure 4 – In the ADA framework, listeners also report a rating for spectral naturalness of spatialized sound 

compared to a non-spatial mono reference (left). Analysis reduces the dimensionality of the user input by, for 

example, fitting ellipsoids to the spatial data (center). These objects can be furthered analyzed to derive 

metrics of interest such as maximum forward externalization (M) or dispersion (D) (right). 
 
 
These captured metrics are then related using an optimization function designed with specific 

objectives in mind. For example, for high QoE of a binaural virtualizer designed to reproduce 
object-based audio played over headphones, a function would be created that increases with 
localization accuracy, maximal or realistic externalization outside the head, and minimal spatial 
smearing effects that create unwanted perceived dispersion. This function could penalize other 
undesirable effects such as front-back reversals or spatial instability that often lead to a low QoE of 
headphone virtualizers. Visualization and analysis of listener data using this platform demonstrates a 
high degree of heterogeneity of listener experiences (Figure 5) which can be related via such 
optimization functions to deliver high audio QoE for a given individual.  
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Figure 5 – An experiment illustrating listener data for four individuals listening to a headphone virtualizer 

that is externalizing sound at three azimuthal positions: 0, -30 and 110 degrees. Data from multiple trials are 

overlaid. Notable features include high user variability of localization and externalization, good right and left 

surround localization but a complete lack of center channel externalization for Subject 1, and numerous 

front-back reversals in Subjects 3 and 4. 
 

 

2.4 Physiological Assessment 
Task-based experiments that involve conscious effort to measure subjective or objective responses 

to audio QoE share the drawback that they are not reading out the same perceptual and physiological 
state of the listener that they would experience when listening without regard to task. The 
discontinuity created by needing to make and report a conscious decision may be critically altering the 
QoE of the listener. 

Physiological measurements directly capture the state of a listener in ways that can provide insight 
into his or her experience that is complementary to psychophysical task -based experiments. Because 
audio QoE consists of both bottom-up perceptual mechanisms as well as high-level cognitive and 
emotional concepts, the implicit readout of physical and neural states promises to contribute greatly to 
our understanding of QoE and to contextualize what is presently known based on psychophysics. 

Physiological measurements can be made from the Central Nervous System, for example using 
electroencephalogram (EEG) recordings, and the Autonomic Nervous System, where electrodermal 
(EDR) or electrocardiogram (ECG) readings can indicate states of heightened physical excitement or 
anticipation. We use both of these approaches to capture physiological and cognitive reactions to audio 
presentation, leveraging the fact that many of these biological signatures are universal and invariant of 
a listener’s individual background or understanding of the experimental context, which is often not the 
case for a psychophysical test. 

Other methods of physiological measurements we utilize for understanding QoE include thermal 
imaging and emotion recognition based on optical imaging, both of which can track changes in subject 
responses and engagement during audio listening. Pupillometry, the study of pupil fluctuations that 
track cognitive processes affected by attention, engagement, and exertion, provides an extremely 
sensitive measure of cognitive load (Kahneman, 1966) and is discussed further below. 

2.5 Considerations for Speech in Audio QoE 
One area where we utilize both traditional psychophysics and physiological measurements is in 

exploration of speech and content dialog. Optimal speech-to-noise ratios (SNR) for cinematic content 
can be assessed using a combination of forced-choice experiments to narrow the parameter space of 
possible SNR manipulations, for example, boosting speech, lowering background (noise), or both. 
Method of adjustment experiments can be further conducted to characterize optimal dialog boost 
levels for different dialog isolation methods, and for varied content at different starting SNRs. Using 
these approaches have allowed us to characterize preferred dialog level settings for different content 
and environment conditions. Further, experiments can easily be done using these methodologies to 
understand interactions under differing real-world use cases, for instance using mobile phone 
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loudspeakers or headphones in environments with high ambient noise such as planes or crowded 
congregation areas. 

Pupillometry is a well-suited measurement for understanding audio QoE in particular, because 
experiments can be performed in steady-light conditions that do not contribute to light-based changes 
in pupil diameter. It is also non-contact and non-invasive, and precision measurements can be made 
with relatively simple, low-cost equipment. In a representative experiment, we captured pupillometry 
responses during a speech comprehension task using three headphone conditions, single-talker 
presented as dual mono, multi-talker presented as two speakers mixed together in dual mono, and 
multi-talker as the two speakers each hard-panned to left or right (Figure 6). The listener is instructed 
to attend to the single talker, which is also one of the voices used in the multi-talker condition. The 
effect of attending to the assigned voice during the multiple talker condition without the benefits of 
spatial separation of the voices produces increased pupil dilation over the single talker condition, 
indicating greater cognitive load due to higher exertion required to understand the designated speech. 
When simultaneous multi-talker presentation is separated by hard panning each of the two speakers to 
the left or the right channel, cognitive load as measured by pupil dilation is only slightly higher to what 
is observed in the single talker condition. 

 
Figure 6 – Data from a headphone experiment measuring pupil responses to three conditions: single-talker 

(dual mono), multi-talker without spatial separation (dual mono mix of two voices), and multi-talker with 

spatial separation (two voices each hard panned to left or right). The listener is instructed to attend to the 

single-talker voice which is one of the voices in the multi-talker condition. From the baseline condition of 

single-talker, cognitive load measured by pupil diameter is increased in the multi-talker condition without 

spatial separation. Load measured by pupil diameter returns to baseline when the voices are separated into 

respective left/right channels. 

3. CONCLUSIONS 
Consumers have entered an era in which audio is experienced across a massive range of content, 

environments, equipment and individual use cases. Increasingly, our understanding of audio 
perceptions based on traditional psychophysics is being complemented by new advances in 
physiological measurements and techniques for spatial assessment of audio.  Insights derived from this 
combination of approaches can be used both to maximize the consumer’s QoE, and to preserve the 
integrity of artistic and creative decisions intended to be conveyed with high fidelity from content 
generation through distribution and delivery.   

These combined techniques will become increasingly relevant in characterizing audio QoE 
especially as massive amounts of physiological data become available via wearable and mobile device 
sensors. This will allow experience to be understood in the context of real-life use cases, and will lead 
to new and effective ways to optimize QoE.  
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Abstract
Device orchestration is the concept of using an orchestrated set of connected devices to reproduce or augment
a media experience. To evaluate the concept applied to immersive audio experiences, an orchestrated audio
drama was created and released on BBC R&D’s public-facing trial platform. The experience allowed users
to easily connect personal devices, which reproduced sounds including speech and spot effects, ambient back-
ground sounds, and additional storyline content. The trial was evaluated through a simple questionnaire and
user interaction logs. The 210 questionnaire responses suggested a positive reaction (mean rating of 4 out of 5
stars, 72% loved or liked using phones as speakers, and 80% would use the technology again). The interaction
logs (for 2174 sessions) showed reasonable engagement, with 18% of sessions nearing the end of the content.
For sessions lasting over 1 minute, over 60% had at least one extra device connected. The results suggest useful
strategies for optimising engagement with orchestrated experiences. There are limitations and challenges to
drawing strong conclusions from large-scale trials in uncontrolled conditions (including unrepresentative sam-
pling of the population and lack of context for logged interactions). However, benefits include larger sample
sizes and greater ecological validity than in controlled laboratory testing.
Keywords: Sound, Orchestration, Immersive, Evaluation, Perception

1 INTRODUCTION
There are many ways of creating immersive audio experiences—channel-, scene-, and object-based audio rep-
resentations can be rendered over loudspeaker arrays or headphones. However, there are considerable barriers
to uptake for existing technology; for example, Cieciura et al. [1] found that few listeners have access to a
surround sound system. One approach to addressing the challenge of creating immersive experiences in realistic
home environments is to use devices that are present in the space, have loudspeakers, and can be connected
wirelessly; for example, mobile phones, tablets, smart speakers, and Bluetooth speakers. This is termed device
orchestration. Orchestrated devices have been used for second screen visual experiences [2], music composition
and performance [3], reproduction of existing audio content [4], and multi-modal interactive experiences [5].
However, the recent trend towards object-based audio has unlocked greater potential for optimal use of such a
distributed array, particularly for sound reproduction in the home. Recent evaluations suggest potential benefits
of this approach, and that quality of experience can match that of five-channel reproduction (or exceed it in
off sweet spot listening positions) [6, 7]. However, there are many technical and creative challenges, including
discovery, pairing, and device synchronisation, and authoring of content that can adapt to the available devices.

1.1 Trial production: The Vostok-K Incident
Based on the positive perceptual experiment results, a trial production for orchestrated devices was created. The
Vostok-K Incident is a 13-minute science-fiction audio drama that was designed to demonstrate the concept of
device orchestration and enable evaluation outside of controlled ‘laboratory’ conditions. A writer was commis-
sioned to develop a concept that demonstrated the capabilities of the orchestration technology. The resultant
piece is based around a stereo bed, but features various types of sound that can be reproduced from connected
devices (in this case, any device running a modern web browser, such as mobile phones, tablets, and laptops),
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adapting to the available devices using detailed metadata and an orchestration rule set. A bespoke production
environment [8] and web framework [9] were developed to create and deliver The Vostok-K Incident. The piece
was released on 13th September 2018 on BBC Taster, BBC R&D’s public-facing trial platform.

1.1.1 The Vostok-K Incident terminology
A session refers to a single viewing of the BBC Taster pilot. Each session is allocated a unique identifier and
a shorter pairing code. All sessions include a main device—the device used to start the session. Some sessions
might also include one or more connected, auxiliary, or extra devices (terms used interchangeably), on which
the user enters the pairing code to identify the session to which they wish to connect. The Vostok-K Incident
has three sections: setup, introductory text describing the experience and a start button; loop, a 31-second
content loop that plays whilst listeners can connect devices before pressing continue to proceed to the main
piece; and main, the main drama (800 seconds long). The interfaces for each section are shown in Figures 1a
to 1c. Audio objects are sent to devices based on the number of connected devices and their positions, which
are identified by the user with a simple map (two concentric circles with divisions; see Figure 1d). Six settings
were available: near or far for front, back, or side.

(a) Setup (b) Loop (c) Main (d) Device position setting (e) Connected device

Figure 1. The user interfaces for the three sections in The Vostok-K Incident on the main and connected devices

1.2 Research questions
The aims of the public release of The Vostok-K Incident were to: (i) provide motivation for development of
production and delivery tools; (ii) produce a high quality demonstrator of device orchestration; and (iii) eval-
uate the concept of immersive audio with orchestrated devices in a real-world setting. In this paper, aim (iii)
is addressed by considering the following research questions. (1) Did listeners enjoy The Vostok-K Incident?
(2) Were listeners able to understand and use the technology? (3) Would listeners be interested in using this
technology again? (4) Did listeners engage with the content? (5) How were additional connected devices used?
Two data collection approaches were taken. (1) A short, simple questionnaire was designed and participants
were asked to complete this after listening to the piece. (2) Where users consented, the Comscore Digital
Analytix (DAX) service was used to log user interaction with the experience. The analysis is based on 3121
visits to the trial between 13/09/18 and 11/12/18.
The detailed methodologies and results of these two approaches are presented in Sections 2 and 3 respectively.
In Section 4, the results are used to answer the research questions outlined above. These approaches to evalu-
ation of an audio experience are a significant departure from common methodologies (for example, controlled
listening experiments conducted in laboratory conditions, perhaps based on standard methodologies such as ITU-
R BS.1116 [10]). In Section 4.3, the advantages and disadvantages of evaluating a listening experience using
an uncontrolled public trial are discussed.
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2 RATINGS AND QUESTIONNAIRE
At the end of The Vostok-K Incident, a questionnaire was presented, including a star ratings (one to five stars)
followed by a series of multiple choice questions where the user could select one of the available options for
each question. In total, 210 star ratings were made. Figure 2 shows the distribution of ratings. The mean star
rating was 4.0; the median and mode were 5.0. Only 11% of ratings were one star, with 55% five star ratings.
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Figure 2. Distribution of star ratings

The multiple choice questions and response frequencies are detailed in Table 1. Each question could also be
skipped. The questionnaire responses were generally positive about the experience, with the vast majority of
respondents expressing that they loved or liked the concept, would use the technology again, and found using
devices as speakers the most positive aspect. The results are discussed in more detail in Section 4.1.

Table 1. Questions and responses in The Vostok-K Incident questionnaire. The number and percentage of re-
sponses are given in parentheses, and the modal response is in bold.

Question Option 1 Option 2 Option 3 Option 4 Option 5 Option 6

How was using phones
as speakers? (166)

Loved it
(81, 49%)

Liked it
(50, 30%)

Unsure
(12, 7%)

Not great
(16, 10%)

Hated it
(7, 4%)

-

Would you use this
technology again? (166)

Yes
(141, 85%)

No
(16, 10%)

Not sure
(9, 5%)

- - -

What would you listen
to/watch most? (156)

Factual
(19, 12%)

Sport
(9, 6%)

Drama
(72, 46%)

Entertainment
(28, 18%)

Music
(26, 17%)

Other
(2, 1%)

What was best about the
experience? (152)

Storyline
(18, 12%)

Sound effects
(53, 35%)

Devices as
speakers (72, 47%)

Not sure
(9, 6%)

- -

And what was worst?
(131)

The set up
(26, 20%)

Hard to follow
story (32, 24%)

Poor sound quality
(6, 5%)

Unbalanced
volumes (37, 28%)

Unsure
(30, 23%)

-

3 INTERACTION LOGGING
Interaction logs were collected from a total of 2740 sessions for which users opted in to data logging. Prepro-
cessing was used to remove sessions with errors in the logging or with outlying parameters (e.g. excessively
long sessions or those with an unusually large number of connected devices). After this preprocessing, a total
of 2174 sessions were analysed (i.e. 20.7% of sessions were removed). The results from the analytics data
are shown for three main categories: time spent engaging with the content (Section 3.1); number of devices
connected (Section 3.2); and user interaction (Section 3.3).
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3.1 Engagement time
Figure 3 shows the proportion of sessions that reached each section of the content. It can be seen that the
majority of listeners progressed from the setup to the loading loop, but that only around 60% of the sessions
that got to the loading loop continued to the main piece. However, 1068 sessions (49% of the total) did reach
the main content.
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Figure 3. Percentage of sessions that reached each section of the content

Figure 4a shows the cumulative percentage of time spent in the loading loop for sessions with and without any
connected devices, for all sessions that reached the loading loop. Unsurprisingly, when devices were connected,
the time spent in the loading loop was considerably longer (median at approximately four loops, or 2 minutes,
compared to under one loop where no devices were connected). For the sessions that reached the main content,
Figure 4b shows the cumulative percentage of maximum content time reached (i.e. the furthest point reached
in the timeline, not necessarily the time spent listening to the content). The figure shows a relatively steep
drop-off of sessions in the first two minutes of the content, followed by a narrower slope towards the length of
the piece. The median time reached is 2.8 minutes, but 195 sessions (18%) reached further than 13 minutes.
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Figure 4. Cumulative percentage of sessions for: (a) time spent in the loop for all sessions that reached the
loop, and (b) max. time reached in the main content. Dashed vertical lines in (a) are spaced by loop duration.

3.2 Connected devices
Figure 5 shows a breakdown of the number of devices connected for all sessions that started the main piece,
those that reached 1 minute, and those that reached the end of the content. For all sessions, the majority had
no connected devices, with a monotonic reduction in the number of sessions with more devices connected.
However, the figure also shows that more devices were connected in sessions that got further into the piece.
Whilst approximately 50% of all sessions had one or more connected devices, over 70% of sessions that reached
the end of the content had one or more connected devices, and approximately 20% had three or more.
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3.3 User interaction
As discussed in Section 1.1.1, listeners could select position zones for the connected devices. Figure 6a shows
the percentage of the total time that extra devices were connected for during which each zone was selected.
The far zones were used more than the near zones (57% of time in the far zones, 39% in the near zones).
The side zones were most frequently selected; however, it should be noted that users could select either the
left or right side of the position wheel and the choice would be recorded as side. With this in mind, the
distribution of position selection is approximately uniform. These figures do not give an indication of why
certain zones were selected. Anecdotal evidence suggests that some listeners may not have realised that there
was a distinction between near and far. As the far zones account for more area of the positioning interface,
the more frequent selection of far zones could be because positions were selected indiscriminately. There is
also no way of knowing where the devices were physically positioned.
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Figure 6. User interaction with The Vostok-K Incident
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For sessions that reached the main content and had at least one connected device, Figure 6b shows the total
number of connected devices for each minute of the content. It also shows the mean number of times that
devices were moved during that minute (i.e. the total number of move actions divided by the total number of
connected devices). There is a steady drop off in the number of connected devices as the piece progresses (in
line with the reduced number of sessions progressing through the content as seen in Figure 4b). However, the
average number of move actions per connected device stays reasonably consistent at approximately five moves.
This suggests that participants remain reasonably engaged throughout the content, and that the ability to interact
with the experience is valuable.

4 DISCUSSION
The analysis reported above was used to address the research questions outlined in Section 1.2 about orches-
trated experiences and specifically The Vostok-K Incident. The results were also used to draw conclusions about
future development of orchestrated experiences (Section 4.2) and the evaluation methodology used (Section 4.3).

4.1 Evaluation of The Vostok-K Incident
Did listeners enjoy The Vostok-K Incident? The questionnaire results presented in Section 2 suggest that users
enjoyed the experience, and that the orchestration technology was one of the primary drivers of this. The
experience received a high average rating (mean 4 and median 5 from 5 stars). Furthermore, 79% of respondents
either loved or liked using phones as speakers, and 85% would use the technology again. Using devices as
speakers was rated as the best thing about the experience by 47% of respondents. The options for the worst
aspect of the experience were more evenly distributed, although poor sound quality was only selected by six
respondents. The most frequently selected option was unbalanced volumes (28%).
Were listeners able to understand and use the technology? It it difficult to ascertain this from statistical data
alone (as discussed further in Section 4.3). However, the positive questionnaire feedback, amount of time spent
engaged with the experience (1068 sessions reaching the main content, with a mean time of over 5 minutes
spent in the main content), and number of connected devices all suggest that listeners were indeed able to
understand and use the technology.
Would listeners be interested in using this technology again? When explicitly asked this question, over 80%
of respondents said that they would use the technology again. It is less clear from the available data exactly
what they would want to use the technology for. When asked what they would listen to or watch most, drama
was the most common response with 46% of respondents (which might potentially be biased by the nature of
the content used in this trial). Responses for other content genres were roughly evenly distributed (with the
exception of sport, which was slightly less common).
Did listeners engage with the content? Figure 3 shows a steep drop in the number of sessions that progressed
from the loading loop to the main content. This could potentially be attributed to users testing out the technol-
ogy without listening to the whole piece; however, only 9% of sessions that got to the loading loop but did not
continue to the main content included one or more connected devices. Once listening to the main content, there
was a quick drop-off in the number of sessions lasting over 1 minute (Figure 4b). The median listening time
was 2.8 minutes. However, the distribution shows a long tail, with approximately 40% of listeners reaching 5
minutes and around 20% reaching 13 minutes. Figure 6b shows that even though the overall number of devices
connected dropped off as the content progressed, the number of interactions with the controls presented on the
user interface (i.e. the position setting controls) remained relatively consistent.
How were additional connected devices used? The results in Figure 5 show that it was most common for no
extra devices to be connected, and increasingly uncommon for each additional device. However, for sessions
that progressed further through the content (at least 1 minute), the modal session included at least one connected
device, and for sessions that reached the end of the content, 70% had one or more devices connected. It was
very uncommon for 4 or more devices to be connected. There was no clear indication that any of the position
zones were particularly favoured (Figure 6a).
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4.2 How could these findings influence future development of orchestrated experiences?
The results presented above show that device orchestration can be valuable when applied to audio drama. It
appears likely that in many listening situations, it will not be possible to connect a large number of devices,
so future development or content creation should strive to generate as much additional benefit as possible with
one (or few) connected devices. The drop-off in listeners after the first minute suggests that demonstration
content should aim to achieve as much impact as possible within the opening minute. The results show that
participants are prepared to interact with the experience throughout its length; different interaction functions
could be investigated in future trials.

4.3 Methodology
Evaluating a novel audio experience through a large scale public facing trial is considerably different to the
common approach of evaluation in controlled laboratory conditions according to standardised test methodolo-
gies. There are some benefits of this approach, but also some signifiant challenges and weaknesses—these are
discussed in the following sections. Given the pros and cons, it is advisable to use multiple evaluation strate-
gies (including formal tests, public trials, and user experience testing) when developing new technologies or
experiences, as they each lead to different information and can be used to build up an aggregate picture of the
technology or product under test.

4.3.1 Benefits
A public facing trial enables collection of thousands of ratings (as opposed to tens of ratings as suggested by
standard audio test methodologies [10]). It can also reach a wider range of participant groups (e.g. different
demographics), whereas it is not uncommon for listening experiments to be performed by members of a research
group (who are likely to have a different understanding and experience of the technology under test than the
general public, and might also be relatively homogeneous in terms of educational background etc.). It might
also be beneficial to evaluate an experience in an environment that is close to how it would be consumed in
real life, i.e., in the home rather than in an audio laboratory. (Of course, there are many situations where
such controlled testing is essential.) Collecting analytic data that records how participants acts is also a more
direct way of getting feedback compared with self-reported values or ratings, which may be more susceptible to
biases. Finally, the task required of participants (i.e. to listen to some audio and answer a few short questions)
is relatively simple and enjoyable to complete compared with some complex tasks that require participants to
listen to a large number of (sometimes unpleasant) audio clips and make ratings requiring considerable cognitive
effort.

4.3.2 Weaknesses and challenges
Whilst public facing tests allow a wide range of participants to be reached, there is still risk of sampling or
selection bias if recruitment is not controlled. In this case, The Vostok-K Incident was released on the BBC
Taster platform and advertised using various social media accounts. This is likely to attract an audience with a
particular interest in new technology. The scenario in which content is consumed on BBC Taster also might not
exactly match how similar content would be consumed in reality (for example, how many people are present
and how long the content might be engaged with). Furthermore, the participants are presented with branding
and copy designed to engender a positive experience, whereas in controlled listening experiments, participants
are given as little supplementary information as possible to avoid sources of bias.
The questionnaire data is useful for getting direct feedback and easy to analyse, but offers limited choices and
low resolution responses (only single choices are enabled in the BBC Taster questionnaire format). Free text
data allows for richer and more detailed responses, but is much more challenging to analyse.
Observing interaction logs is interesting and can give a useful overview; however, it can be difficult to draw
meaningful conclusions. The interaction logs do not facilitate interpretation as to why certain actions were
taken, or where participants particularly enjoyed certain aspects or found aspects challenging or hard to under-
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stand. There are other user testing approaches that can be used to address these questions, often with smaller
sample sizes but utilising more direct observations or interview questions. This type of user experience testing
methodology will be applied to The Vostok-K Incident in the future.

5 SUMMARY
It is possible to use orchestrated personal devices to create an immersive audio experience. A trial production,
The Vostok-K Incident, was created to demonstrate and evaluate this concept. Evaluation was conducted using a
simple questionnaire and user interacting logging. The results suggested that participants enjoyed, understood,
and engaged with the concept, but that future similar experiences should endeavour to generate maximum impact
within the first minute and gain benefit from few connected devices. There are considerable advantages and
drawbacks to using a public facing trial for relatively uncontrolled evaluation of an experience; such experiments
are a valuable tool to use alongside more formal evaluation techniques.
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ABSTRACT 
A common practice in the execution of listening tests is to choose the sound reproduction system based 
primarily on its availability, with little regard for its potential influence on the results of such tests. To 
examine the magnitude of this influence, a methodology is proposed and a tool is developed for presenting 
sound samples through different sound reproduction systems. The tool is equipped with a user interface that 
enables easy and seamless change of the sound reproduction system, as perceived by the listener. The design 
of the tool eliminates the need for any kind of intervention that would interrupt the listening session, such as 
on-the-fly system reconfiguration or calibration. The goal is to achieve interchangeability between binaural 
reproduction using headphones and 3D Ambisonics reproduction using a multichannel loudspeaker system 
as a typical spatial audio reproduction system. However, the extension to two-dimensional amplitude 
panning systems such as stereo or 5.1 surround is considered as well. The software design of the tool is based 
on Cycling ‘74 Max programing language. The tool is to be used in listening tests focused on the subjective 
evaluation of overall acoustic comfort, in relation to the quality of sound insulation in closed spaces and their 
room-acoustical properties. 
 
Keywords: Ambisonics, 3D Sound, Listening tests, Headphones, Speaker calibration, Max/MSP 

1. INTRODUCTION 
Previous studies have shown that there is not a significant difference between the usage of 

headphones and 3D audio reproduction systems while conducting listening tests (1,2). Nonetheless, 
the research questions investigated in those studies have been broadly stated and have not regarded the 
listening tests conducted in the research of acoustic comfort, which includes the subjective evaluation 
of sound insulation. This article presents a foundation of a broader research with the goal to show the 
differences between the current norms in building acoustics and the human perception, e.g. in the 
single number values evaluation of impact noise and air borne sound transmission index, or 
differences in perception of sound insulation. Since the preparation of the entire listening test requires 
a more detailed analysis of the problem (3), the organization and execution of the complete experiment 
will not be covered at this time. Therefore, only the technical aspects of the experiment are presented 
in this article. 

The idea is to take a slightly new approach to the listening test methodology, which tackles the 
question about the optimal choice of the sound reproduction system that best suits the listening test. To 
answer that question better insight is needed considering the advantages and disadvantages of using a 
3D audio reproduction system compared to much simpler and less expensive headphones setups for 
listening tests and what situations would be appropriate to use one or the other. 

This experimental setup is primarily meant to be used in two similar listening rooms with the 
Ambisonics systems: the one located in AuraLAB at the University of Zagreb (figures 3, 4 and 5), and 
the one in TGM – Fachbereich für Akustik und Bauphysik in Vienna (figure 1). The technical details 
and measurements of the AuraLAB are shown in (4). 
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2  marko.horvat@fer.hr 
3  kristian.jambrosic@fer.hr 

6145



 

 

 
Figure 1 – Ambisonics listening room in TGM Fachbereich für Akustik und Bauphysik in Vienna 

2. METHOD 
The system and its calibration procedure are created to allow the participant, once seated inside the 

listening room with the headphones on his head, to participate in the listening test in its entirety 
without the need for the removal of headphones. This allows the comparison of the individual’s 
perception of the differences between those systems. The principal block diagram of the system can be 
seen in the figure 2. 

 

Figure 2 – Principal block diagram of the system 
 
The inputs to the system are individual mono audio samples and control variables which allow the 

choice of the reproduction system and the directivity of the listening source. An audio sample gets its 
directivity properties inside the system and is passed through filters to assure that the system produces 
the equivalent stimuli on all the sound reproduction systems.  

Perceived spatial localization properties can be improved by the rotation of the head (5), which 
would be disadvantageous for the situations when the stimuli are presented through headphones 
compared to the Ambisonics system where the sound field does not depend on the position of the head 
of the listener. To ensure the head of the participant is fixed during the listening test, the listener will 
be instructed to place his or her chin on a chinrest. 

Considering the platform and the programing language, there are several different existing ones 
used for conducting standardized listening tests today, which is nicely summarized by Jillings et. al. 
(6). For this system, the Cycling ‘74 Max programing language is used due to the capabilities for a 
simple creation of a suitable user interface, the possibility of using third party VST plug-ins, and real 
time processing that will be useful for a planned inclusion of extra features to the system. 
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The sample preparation and Ambisonics decoding is done using IEM Ambisonics VST plug -in 
suite (https://plugins.iem.at/). For binaural directivity IEM BinauralDecoder uses HRTFs recorded 
with the Neumann KU 100 dummy head.  

The level and frequency calibration of the system is made using a FabFilter Q2 EQ plug -in and its 
frequency match functionality, which uses up to 24 band EQ filters to match the spectrum of two 
signals. The use of FabFilter Q2 EQ plugin has been sufficient so far, but alternative  non-commercial 
options are being considered, and a custom frequency matching Max patch is being developed which 
will allow a much better control for the majority of the calibration process. 

Although the main tool is made in Max, the usage of third party VST plugins allow the system to be 
adoptable to any DAW, such as Reaper or Cubase. 

3. SETUP AND CALIBRATION 
This experimental setup assumes a single participant in the listening test at a given time. 

Adjustments for a higher number of participants might be possible but would require major changes to 
the entire calibration procedure and will not be regarded at this time.  The system calibration is a 
process that requires several steps and its goal is to prepare filtering so the sound samples would 
represent the equivalent stimuli on each system on which they are reproduced.   

The first step is the calibration of the individual speakers of the Ambisonics system using a 
measurement microphone (figure 3). A pink noise signal is played over each speaker individually and 
the overall level and frequency spectrum of the input signal, recorded with the microphone, is 
compared to the output that is being fed to the speakers. These signals are then matched so the ir 
difference is reduced to a minimum. The matching is repeated for each of the 16 speakers. This 
provides a flat room correction curve in the sweet spot of the room and serves as a reference in the 
subsequent steps of the calibration. 

 

 
Figure 3 – Calibration of the system with a measurement microphone 

 
A calibration procedure continues with the placement of the dummy head on the chair in the 

listening position (figure 4), simulating the situation in which the participant will be in during the 
listening test. The position of the dummy head’s ears should be at the same height as the middle row of 
the speakers in the Ambisonics system. The dummy head used for this calibration process is Bruel & 
Kjaer head and torso simulator type 4128. A pink noise is then played over the Ambisonics system and 
then recorded with the dummy head. This recording is to be used as a reference signal for the rest of the 
calibration. 

The next step of the calibration is the placement of headphones on the dummy head (figure 5). A 
pink noise signal is then played back via the Ambisonics system and compared to the previously 

6147



 

 

recorded signal without the headphones on. A frequency correction curve is then generated to 
compensate for the filtering introduced with the placement of the headphones. Since the variability of 
headphone placement should be taken into account (7,8), the procedure is repeated several times with 
the repositioning of the headphones to create a suitable average for the filter.  

The last step in the calibration process generates a correction curve for the playback over 
headphones to nullify the coloration that is introduced by the headphone’s own frequency 
characteristic.  

 
 

 
Figure 4 – Calibration step using the dummy head 

 
 

 
Figure 5 – Calibration of the system with the headphones on the dummy head  
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4. DISCUSSION AND FURTHER WORK 
Although this system is still in its early stage of development, it will be continuously improved 

through further use and implementation of individual listening tests. The addition of a real time head 
tracking function to this system is something that will be added in the future to remove the need for a 
fixation of the head position during the listening test with a chinrest. The development of the 
Ambisonics codec and panning algorithms is also being considered to improve the control of their 
parameters with which a higher level of reliability could be achieved. Also, a possibility to merge this 
system to the existing universal listening test interfaces, e.g. Hulti-gen (9), could provide a useful 
contribution to the development of such interfaces. 

This system is to be used in several listening tests that are currently in preparation. Such listening 
tests include: a conduct of the listening tests already carried out on one of the reproduction systems and 
looking at the possible differences while using an additional system; a test of the perception of the 
localization from different systems; testing the measured sound insulation parameters of building 
elements with different materials and their impact on people, both in situations when people sleep or 
rest and during work or study scenarios that require a higher level of concentration. 
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ABSTRACT 
Improved intelligibility of distorted speech has been observed after a parallel psycho-motor task has been 
introduced. Electroencephalographic activity has been recorded and analyzed for several test situations – 
neutral, a plain intelligibility test, an intelligibility test with parallel aimed shooting, and an intelligibility test 
with parallel hit counting. Our findings indicate increased brain activity in the area of the central auditory 
circles, which evaluate the content of audio information during a parallel cognitive and motor task when the 
complex motor parallel task is considered to be primary (more important). 
 
Keywords: Sound quality, speech intelligibility, parallel task, EEG 

1. INTRODUCTION 
Speech intelligibility is a measure of the clearness of speech, and subjective testing of speech 

intelligibility has been standardized, e.g., in (1). The application of appropriate statistical methods (2) 
enables statistically significant assessments of compared technologies to be made, or a reliability 
statement can be made when a minimum intelligibility threshold has been defined. The main issue, 
however, is the validity of the fundamental assumption that under lies all currently used test methods: 
in standardized tests, the subjects are seated in an anechoic or semi-anechoic test room and are focused 
on listening to the tested samples only. In many real communication scenarios, however, users perform 
multiple tasks in parallel (jogging, watching TV or driving a car while talking on the phone, for 
example). 

Existing subjective test methods and related recommendations are based on the simple assumption 
that laboratory tests with the subjects fully concentrated on the test procedure provide the most 
sensitive results. In other words, it is assumed that the test samples will generate higher intelligibility 
scores than any real-life scenario in which users are distracted by multitasking. However, it is 
necessary to verify the validity of the assumption that tests based on fully-concentrated and 
undistracted subjects necessarily achieve the highest score.  

An interesting way to bring subjective tests closer to reality while keeping them in a controlled 
laboratory environment is to introduce a parallel task. The test subjects are asked to perform a 
physically and mentally challenging secondary task while listening to and evaluating the samples. The 
recently approved ETSI Technical Report (3) includes state-of-the-art approaches that have been used 
in various published scientific experiments, and also necessary recommendations, classifications, 
types of subjects, and various examples of scenarios as a guide for researchers when organizing 
parallel task-based subjective tests. 

In 2018, interesting counter-intuitive results were reported in (4) from intelligibility tests 
deploying a parallel task. In some situations, it is reported that the intelligibility scores were 
statistically significantly higher with a parallel task than without it. EEG activity monitoring has been 
proposed as a way to investigate why this effect was observed (5).  

Electroencephalography (EEG) is a widely-used neurophysiological diagnostic method that 
displays electric brain activity in a defined spectrum. The main advantage of EEG is its 
non-invasiveness, which allows repeated and prolonged recording of brain activity during periods of 
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resting and also periods of movement. It is regularly used for monitoring key indicators of the onset of 
fatigue, performance motivation and a range of other cognitive functions. Our study uses the EEG 
method in a general way, focusing in greater detail on standardized low-resolution electromagnetic 
tomography (sLORETA) (6), a widely-used inverse solution technique that estimates the intracranial 
distribution of electrical activity in the cortex based on an a priori defined head conductivity model. 
sLORETA estimates the sources underlying scalp EEG data in a 3-D cortical space. The spatial volume 
units (voxels)that are used to calculate the distribution of current densities are defined on the basis of 
the Talairach atlas and the corresponding digital probability brain atlas (7). sLORETA determines the 
current densities in a total of 6 239 voxels with a spatial resolution of 5 mm3 (6). 

2. EXPERIMENTS  

2.1 Experiment design 
In our experiment, multiple intelligibility tests were performed, always using the same set of 

distorted speech samples, played out in different random orders. The initial test followed the 
standardized methodology, with no additional activity of the subjects. The other intelligibility tests 
then deployed two different parallel tasks, designed to require different amounts of mental and 
additional physical effort from the test subjects. The EEG activity was monitored in the steady-state 
situation (with closed eyes and also with open eyes), during a regular intelligibility test and two 
intelligibility tests deploying parallel tasks. 

The selected parallel task (aiming a handgun at a moving target and shooting or, alternatively, 
counting the successful hits of another shooter) generates a well -defined and highly repeatable 
psycho-motoric load, as opposed to the purely physical tasks (e.g., a stationary bicycle) or the purely 
mental tasks (e.g., mathematical quizzes) described in (3). This kind of task is chosen to avoid the 
sensitivity of the test to the physical or mental skills inequity of the test subjects.  

 

2.2 Methods 
All tests were performed in an acoustically treated critical listening laboratory conforming to (8) – 

with a reverberation time of 185ms, and background noise less than 30dB SPL(A), with no fluctuations 
in frequency spectra. Sennheiser HD280Pro closed circumaural headphones were used for sample 
playout. A professional voting device was used to collect the subjectsʼ responses. 

The intelligibility tests followed the Modified Rhyme Test (MRT) methodology, as described in (1). 
48 samples selected from the MRT sample list were used, and due to the limited capacity of the voting 
device, only five answer options were used, instead of the originally proposed six options. The 
samples had been recorded using the voices of two male English native narrators, using 24 recordings 
from each of them. The distorted samples were produced using a network simulator deploying a set of 
a contemporary regular and low bit-rate coder and background noise options: Pulse Code Modulation 
(PCM) (9) at 64kbit/s (16 reference samples) and a low bit-rate coder (Mixed-Excitation Linear 
Predictive enhanced - MELPe) (10), operating at 2.4kbit/s (32 samples). 16 MELPe samples (out of a 
total of 32) were mixed with car interior background noise at Signal-to-Noise ratio SNR=0dB. A diotic 
presentation level of 73dB SPL (A) was used. Further details about the structure of the sample and the 
way in which it was created are available in (4). For some samples, the intelligibility scores were 
higher with the parallel task than without the parallel task, see Tab. 1 (adapted from (4)): 

 
Table 1 – Selected speech samples where the intelligibility was measured to be higher with a parallel task 

than without a parallel task, deploying over 50 respondents (after (4)): 

Sample Number 

Intelligibility 

without parallel 

task (%) 

 

STD 

Intelligibility with 

the parallel task 

(%) 

STD 

17 60 6,9 78 5,9 

36 51 7,0 70 6,3 

42 37 6,7 56 7,0 
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2.3 Test procedure 
Six subjects (three female and three male) in the age range from 19 – 45 were tested. All of them 

were native English speakers. The experiment consisted of four phases. First, a steady-state EEG was 
recorded with open eyes and with closed eyes (5 minutes each). Then, regular intelligibility tests were 
performed with EEG activity monitored (COUNTER and SHOOTER). One session lasted 
approximately 12 minutes.  

This experiment had four phases: 
Resting EEG with closed eyes (PRE CE) and with open eyes (PRE OE) 
Intelligibility test without a parallel task (WORDS) 
Intelligibility test with a parallel task – one subject played the role of the ‘shooterʼ (SHOOTER) 
Intelligibility test with a parallel task – one subject played the role of the ‘counterʼ (COUNTER)  
The third and fourth phases repeated the intelligibility test (with different randomization), but with 

a parallel task. The parallel task deployed a professional laser shooting simulator. This part of the test 
was always performed by two subjects. In the third phase of the test, one of the subjects played the role 
of the ‘shooterʼ while the other subject acted as the ‘counterʼ. In the last (fourth) phase, the subjects 
swapped their roles  (‘shooterʼ vs. ‘counterʼ) and repeated the intelligibility test for the last time. The 
two subjects (‘shooterʼ and ‘counterʼ) performed the intelligibility test in parallel. The order of phases 
2, 3 and 4 was randomly generated to minimize the influence of the learning effect in the intelligibility 
test. Further details about the voting process and about intelligibility data acquisition are available in 
(4). 

A professional laser shooting simulator was used for generating the parallel task. For the EEG 
measurements, we used the Electro-Cap, Inc. Nicolet EEG wireless 32/64 Amplifier with a telemetric 
32-channel (Natus 98 Neurology, Inc. USA). The EEG data was recorded with 19 electrodes: Fp1, Fp2, 
F7, F3, Fz, F4, F8, T5, T3, C3, Cz, C4, T4, T6, P3, Pz, P4, O1, O2. The electrodes were localized 
according to the 10–20 international system [11]. The sampling frequency was set to 512 Hz, with a 
band-pass filter from 0.5–70 Hz, and the electrode impedance was kept below 10 kΩ.  

All EEG data were subjected to editing procedures, using Neuroguide software (Neuroguide © 
NG-2.4.6; Applied Neuroscience Inc., St. Petersburg, Fla., USA). We used Neuroguide to select 30 
seconds of artifact-free data. After transformation to the average reference, the EEG activity of at least 
15 two-second epochs of artifact-free resting EEG were averaged to calculate the cross-spectra in 
sLORETA for six non-overlapping frequency bands: delta (1.5–6 Hz), theta (6.5–8 Hz), alpha-1 (8.5–
10 Hz), alpha-2 (10.5–12 Hz), beta-1 (12.5–18 Hz), beta-2 (18.5–21 Hz), and beta-3 (21.5–30 Hz). 
Using the sLORETA transformation matrix, the cross spectra of each subject and for each frequency 
band were then transformed to sLORETA files. This resulted in the corresponding 3D cortical 
distribution of the electrical neuronal generators for each subject (12). The computed sLORETA image 
displayed the cortical neuronal oscillators in 6239 voxels, with a spatial resolution of 5 mm (6). 

The localization of the differences in brain electrical activity within the groups was assessed by a 
voxel-by-voxel paired t-test of the sLORETA images, based on the power of the estimated electric 
current density, which resulted in t-statistic three-dimensional images. In the sLORETA images, 
cortical voxels of statistically significant differences were identified by a nonparametric approach, 
using a randomization strategy that determined the critical probability threshold values for an actually 
observed statistical item, with corrections for multiple testing (13). 

In each group, we compared the difference on a level of significance of p≤0,05, under the following 
circumstances:  

‘Shooterʼ versus resting EEG with open eyes –SHOOTER vs. PRE OE 
‘Counterʼ versus resting EEG with open eyes – COUNTER vs. PRE OE 
‘Counterʼ versus the intelligibility test, without a parallel task – COUNTER vs. WORDS  
 

3. RESULTS 

3.1 Alpha activity pre-test 
 
All participants generated alpha activity during resting EEG with closed eyes, so all participants 

were able to produce this alpha activity when in a relaxed state.  
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3.2 Words vs. PRE OE 
 
We observed statistically significant differences p≤0,05 in  the delta band when comparing the 

intelligibility test without a parallel task (WORDS) versus the resting EEG with open eyes (PRE OE). 
We found increased activity in the delta band in the right dorsolateral prefrontal cortex (DLPFC), 
which is responsible for higher cortical functions associated with executive functions and motor 
planning (Fig. 1). 

 

 
Figure 1 - Statistical non-parametric map (SnPM) of sLORETA differences in delta current density when 

comparing the intelligibility test without a parallel task (WORDS) versus the resting EEG with open eyes 

(PRE OE). Yellow and red shades indicate a significant increase in delta sources (at the 0.05 significance 

level after correction for multiple comparisons.) in BAs 10,11, 46 and 47 (frontal gyrus). The structural 

anatomy is shown in grey scale (L – left; R – right).  
 

3.3 Shooter vs. PRE OE 
When comparing the intelligibility test with the parallel task - shooter (SHOOTER) versus resting 

EEG with open eyes (PRE OE), we observed significant changes in the beta -2 and beta-3 band only. 
We found decreased activity in the beta-1 band in the posterior cingulum (BA 31), which is responsible 
for integrating stimuli and their emotional experience. Increased activity in beta-3 occurs in the 
middle-temporal lobe (BA 21), which is involved in processing complex sounds, in selective 
processing of text and speech, and in semantic processing (Fig 3).  

 

 
Figure 2 - Statistical non-parametric map (SnPM) of sLORETA differences in the beta-2 current density 

comparing the intelligibility test with the parallel task - shooter (SHOOTER) versus the resting EEG with 

open eyes (PRE OE). Blue shades indicate a significant decrease in beta-2 sources (at the 0.05 level of 

significance, after correction for multiple comparisons.) in BA 31 (gyrus cinguli posterior). The structural 
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anatomy is shown in grey scale (L – left; R – right).  

 

 
Figure 3 - Statistical non-parametric map (SnPM) of sLORETA differences in the beta-3 current density, 

comparing the intelligibility test with the parallel task - shooter (SHOOTER) versus resting EEG with open 

eyes (PRE OE). Yellow and red shades indicate a significant decrease in beta-3 sources (at the 0.05 level of 

significance, after correction for multiple comparisons.) in BA 21 (middle temporal gyrus). The structural 

anatomy is shown in grey scale (L – left; R – right).  
 

3.4 Counter vs. PRE OE 
 
We found statistically significant differences (level p≤0,05) in the  beta-3 band when comparing the 

intelligibility test with the parallel task – (COUNTER) versus resting EEG with open eyes (PRE OE). 
The increased activity in the beta-3 band occurs in the dorsolateral prefrontal cortex (DLPFC) - BAs 
10, 11, 46 and 47 on both sides, which are responsible for the execution function, and in the right 
temporal lobe - BA 38, corresponding to a higher level of integration of the auditory stimulus, and to 
semantic processing, and it participates in speech processing. 

 
Figure 4 - Statistical non-parametric map (SnPM) of sLORETA differences in the beta-3 current density, 

when comparing the intelligibility test with the parallel task – counter (CALCULATOR) versus resting EEG 

with open eyes (PRE OE). Yellow and red shades indicate a significant decrease in beta-3 sources (at the 0.05 

level of significance, after correction for multiple comparisons.) in BAs 10, 11, 46 and 47 (frontal gyrus) and 

BA 38 (temporal gyrus). The structural anatomy is shown in grey scale (L – left; R – right). 
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3.5 Counter vs. Words 
When comparing the intelligibility test with the parallel task – counter (COUNTER) versus the 

intelligibility test without a parallel task (WORDS), we found statistically significant differences in 
the beta-3 current density in the left dorsolateral prefrontal cortex - BAs 10, 11, 46 and 47, 
corresponding with the higher execution functions. 

 
Figure 5 - Statistical non-parametric map (SnPM) of sLORETA differences in the beta-3 current density, 

when comparing the intelligibility test with a parallel task – counter (COUNTER) versus the intelligibility 

test without a parallel task (WORDS). Yellow and red shades indicate a significant increase in beta-3 sources 

(at the 0.05 level of significance, after correction for multiple comparisons) in BAs 10, 11, 46 and 47 (frontal 

gyrus). The structural anatomy is shown in grey scale (L – left; R – right).  

4. DISCUSSION 
Central auditory processing follows two major pathways, both originating in the primary auditory 

cortex (temporal cortex BAs 41, 42): Pathway 1. the ventral auditory stream from the posterior middle 
and inferior temporal gyrus to the anterior, middle temporal gyrus (MTG) for identifying auditory 
objects, including speech. This is called the WHAT system for sounds recognition. Pathway 2. th e 
dorsal auditory stream into the superior temporal cortex and the parietal cortex for analyzing spatial 
aspects of sounds, including motion in space. This is called the WHERE system for auditory spatial 
analysis (14,15,16,17). 

A difference is found between the roles of simple intelligibility test (WORDS) and counting while 
observing a shooter (COUNTER). During the plain intelligibility test (WORDS), we observe activity 
only in the right dorsolateral prefrontal cortex (DLPFC). However, during the intelligib ility test 
performed together with watching the shooter (COUNTER), we can observe activity above both 
frontal lobes, with dominance on the right and in the temporal area of the right temporal lobe BA 38, 
which indicates activity of the ventral/WHAT auditory circle (14,17). The finding of increased activity 
in the temporal area can correlate with the increased action in the region for processing the meaning of 
the perceived word. The heightened activity above the frontal lobes can be associated with the 
so-called behavior inhibitory system (BIS), which indicates a rather negative reaction to the current 
situation and the behavior activation system (BAS), which is activated during a positive emotional 
reaction to the ongoing situation (19,18). During the plain intelligibility test (WORDS), dominance 
above the right frontal lobes is observed, which can indicate BIS activity, probably indicating negative 
subject attitude during this test. During the role COUNTER, conversely, there is increased activity 
over the right frontal lobe, which matches BAS activation with a positive emotional response, 
suggesting that the subject’s attention may have been taken by the shooter. In general, activity in the 
DLPFC area is connected with executory functions, motorical scheduling, and learning (20). 

During the role of SHOOTER, we observe decreased activity in the dorsal cingular cortex BA 31. 
Together with the anterior cingular cortex, BA 31 has a strong reciprocal connection with the lateral 
prefrontal cortex, and through this connection, they partake in executory functions of the working 
memory and motoric planning (21). The dorsal singular cortex participates in spatial navigation and in 
processing surrounding scenes (22, 23). Depressed activity during this experiment may indicate a 
certain attenuation of motoric movement perception and reduced emotional reactions. The finding of 
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raised activity for SHOOTER in the area of the middle temporal lobe BA 21,  correlates with the 
increased activity in the ventral/what auditory circle and is in response to raised analyzing processes of 
the auditory stimulus (14,17).  

Although we did not capture activity in the primary auditory zones BAs 41, 42 of the temporal lobe, 
activity in COUNTER and in SHOOTER was observed in the ventral/WHAT auditory circle and in 
associated areas of the prefrontal lobe that integrate those primary acoustical stimuli into an 
understandable form, enabling it to be perceived and evaluated in a complex manner. 

Although alpha activity was measured during resting EEG in all participants, it was not registered 
during the experiment itself. This finding is probably connected with the major cerebral activity that is 
needed for processing acoustical information together with an accompanying activity. Consequently, if 
we want to pass on some information through an acoustic stimulus, it can be processed more intensely 
if the listener simultaneously performs a parallel activity.  

The results indicate that the intelligibility results for plain listening during a standard laboratory 
intelligibility test can be outperformed by a test procedure that is enhanced by the introduction of a 
parallel task. The EEG measurements indicated that the higher auditory and cognitive brain functions 
are enhanced during parallel tasks that engage the subject in the test procedure and/or during parallel 
tasks that reduce the “internal dialogue” of the subjects.  Internal dialogue occurs involuntarily 
during regular laboratory intelligibility tests not involving any parallel task, and probably cannot be 
controlled consciously by ordinary test subjects. These counter-intuitive results imply the need for 
substantial changes not only in subjective intelligibility testing methodology but also in perception 
stimulation in highly demanding professional scenarios, in rehabilitation and in education.  

 

5. CONCLUSIONS 
 
EEG activity has been recorded and analyzed for several test situations. Distinct differences in 

brain processing of auditory content were found among three groups of subjects, referred to as 
WORDS, COUNTER, and SHOOTER. The listening-only group (WORDS) shows changes only in the 
real prefrontal cortex area, indicating increased activity in the circles that participate in the 
comprehensive evaluation of all input information. The listening and observing group (COUNTER) 
also has increased activity in these areas of the prefrontal lobe, but on both sides of it, and, at the same 
time, there is increased activity in the left temporal lobe, corresponding to zones of complex 
processing of the auditory stimulus. This area is involved in central auditory circuits that evaluate the 
content of the acoustic stimulus. Increased activity in these areas is also found in the listening and 
shooting group (SHOOTER). At the same time, however, activity in the limbic area is reduced, which 
can indicate reduced emotional manifestations and efficiency of the psycho-motoric parallel task. 
These findings indicate increased brain activity in the area of the central auditory circles that are 
evaluating the content of audio information during parallel cognitive and motor tasks when a complex 
motoric parallel task is considered to be primary (more important). 

The results of this experiment show that the brain analysis of the content of the stimuli may be 
higher during parallel operation. This effect is reflected primarily in content -rich auditory information 
that requires deeper analysis. 
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ABSTRACT 

Pupil dilation has previously been shown to be a useful involuntary marker of listening effort. An inverse 

relationship between pupil diameter and signal to noise ratio has been shown when speech is energetically 

masked by noise. The work reported here aimed to investigate whether this relationship also holds for 

informational masking. Informational masking is a concept used in soundscape research to represent the 

distraction from the target sound that comes from a masking sound that is also highly salient. To investigate 

the effect of informational masking on listening effort, eighteen normal-hearing participants completed a 

speech-in-noise task in which they were asked to identify words in short sentences presented in combination 

with four different types of masker (competing speech, speech modulated noise, and urban and nature 

soundscapes) at different levels of energetic masking set using a distortion weighted glimpse proportion 

model. Time varying pupil dilation was measured over the course of each sentence presentation. A repeated- 

measures ANOVA showed a significant main effect of both the level of energetic masking and the masker 

type on the mean pupil dilation (p < 0.05). These results suggest that pupil dilation reveals changes in 

listening effort due to both energetic and informational masking. 

 

Keywords: Speech, Soundscape, Masking 

1. INTRODUCTION 

Trying to listen to one person talking when someone else is talking is often difficult, requiring the 

listener to concentrate. The effect of the second talker is often modeled as exerting informational 

masking as well as energetic masking (1). Energetic masking happens when the masking signal 

contains energy in one or more of the same critical bands as the target signal and makes this part of the 

target signal inaudible. Energetic masking happens in the peripheral auditory system. Informational 

masking refers to the extra masking effect that happens in the brain when both target and masker are 

audible but the listener attends to (parts of) the masker instead of the target. The term informational 

masking has sometimes been used to refer to a distraction effect, produced when the masking signal is 

more salient than the target signal at some point in time (2). In this sense, informational masking could 

describe distraction due to speech or non-speech maskers. Informational masking has also been used to 

describe a situation of stimulus uncertainty where portions of the masker speech are substituted for 

portions of the target speech (3). The increase in listening effort that accompanies listening to speech 

in noise cannot be directly observed, but pupil dilation has been shown to be a useful involuntary 

correlate of listening effort (4).  

The work reported here was performed in the context of the project S3A: Future Spatial Audio for 

an Immersive Listener Experience at Home, in which an object-based audio system is used to deliver 

broadcast audio content (5). A significant feature of object-based systems is that the scene is 

assembled at the listener end instead of the broadcaster transmitting a fixed mix. This means that an 

object-based system can make adjustments for individual listener needs, such as trying to optimize 

speech intelligibility by turning up the main dialogue and turning down the background music. The 

personalization could include monitoring intelligibility and adapting to the hearing loss profile of 

individual listeners. One step beyond this would be to monitor the listening effort of the listener and 

adjust the sound scene.  

In the experiment reported here we set out to capture changes in effort as people listened to speech 

                                                        
1 w.davies@salford.ac.uk 

6158



 

 

in various maskers. We attempted to discriminate between energetic and informational masking by 

including competing speech and speech-shaped noise as two of our masker signals. 

2. METHOD 

2.1 Design 

The target speech was taken from the Hurricane natural speech corpus 

(https://doi.org/10.7488/ds/2482) (6). The recordings are of a single male native British-English talker. 

We used the Harvard sentences in the quiet condition. Each sentence in the corpus has an average of 

8.0 words (s.d. 1.2). Four maskers were used. We attempted to represent the broad range of sounds in 

our audio application by selecting one sound from each of the top-level categories of a soundscape 

taxonomy: people (speech), nature and manmade (7). Two different speech maskers were used. For 

competing speech (CS) we used a single female British-English talker introducing the BBC Radio 4 

Woman's Hour podcast. For speech-modulated noise (SMN), we used a modulated random noise signal 

with the same long-term spectrum and envelope as the competing speech masker. The SMN was thus 

similar to the CS but without the informational content. For a nature sound, we used a recording of a 

dawn chorus (https://freesound.org/people/tim.kahn/sounds/395221/). For a manmade sound (Urban) 

we used traffic on a street, made by combining two recordings from the Adobe Audition sound effects 

library
 
(https://adobe.ly/2rDij3Z): "Ambience Busy Road 01.wav" and "Ambience Busy Traffic 

01.wav".  

The presentation level of the speech was set to 60 dB(A). This was done by:  (i) generating a noise 

signal with the same long term frequency spectrum as the speech corpus; (ii) playing this noise signal 

at -43 dBFS; (iii) adjusting the output gain of the loudspeaker to generate LAeq,slow = 60 dB(A) at the 

listening position. This was measured using a Type I sound level meter. Each of the speech signals 

were then normalised to -43 dBFS. Four levels of energetic masking were generated using Tang et al.'s 

Distortion Weighted Glimpse Proportion (DWGP) metric (8, 9). The four DWPG levels were: 0.3, 0.45, 

0.6 and 0.75. These DWGP values were set by iteratively changing the gain of the masker until the 

DWPG was within 0.005 of the target value. The speech-noise stimuli were 10 seconds long. The 

speech started 4 seconds after the onset of the masker.  

Experiments were conducted in the University of Salford audio booth. Light levels were kept 

constant across all participants. Stimuli were reproduced from a Genelec 8030A loudspeaker 

positioned 1.35m in front of the listener. Participants were equipped with a Pupil Labs binocular eye 

tracker (https://pupil-labs.com/pupil/). 

2.2 Participants 

Eighteen native British English speakers (mean age 24, s.d. 6) were recruited as paid participants. 

All participants stated that they had normal hearing at the time of the experiment. 

2.3 Task 

Participants were instructed to attend to the male talker in all conditions. Participants were exposed  

to all levels of masker (CS, SMN, Nature, Urban) and DWGP (0.3, 0.4, 0.6, 0.75) in a full factorial 

design. The order of conditions presented to participants was randomized. Six sentences were used for 

each Masker*DWGP condition meaning each participant evaluated 4*4*6 = 96 sentences. The 

sentences for each listener were selected randomly from the corpus of 720 sentences and there were no 

repeat sentences for any listener. 

The stimuli were delivered using a Matlab interface on a Toshiba Portege 13.3” laptop. The 

interface consisted of a fixation point which the participants were instructed to look at while the 

stimuli were playing. After the end of each stimulus a text box appeared. Participants were instructed 

to type any words they heard using the laptop keyboard. 

3. RESULTS AND ANALYSIS 

3.1 Behavioural data 

The behavioural results are given as word recognition rate, calculated for each sentence by 

calculating the number of correctly identified words. Figures 1 and 2 show the mean WRR with 95% 

confidence intervals as a function of DWGP and masker. As expected there is a monotonic relationship 

between DWGP and WRR (8). However, there also appear to be differences between the different 
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masker types in Fig. 2. 

A repeated-measures ANOVA using within-subject factors of DWGP and Masker shows significant 

main effects of the two factors along with an interaction effect (p < 0.001 for all effects) . For DWGP 

the effect size, characterised by generalized eta-squared (ηG
2
) was 0.75 indicating a large effect size 

according to Bakeman (10). For Masker ηG
2
 = 0.15 indicating a small effect size. For the DWGP: 

Masker interaction ηG
2
 = 0.12 indicating a small effect size. 

 

  

Figure 1 – Word recognition rate vs Distortion-Weighted Glimpse Proportion. 

 

 

Figure 2 – Word recognition rate vs masker. 

3.2 Physiological data 

The physiological data were treated in a fairly conservative manner by smoothing and by treating 

blinks. The Pupil Labs software produces a confidence percentage that can be used to estimate where 

data have been corrupted by blinking or other problems. First, any trials where more than 25% of the 

data were less than 50% confidence were rejected. Next, the pupil responses were downsampled to 

50Hz and a 0.2 second moving average filter was applied. This typically produced smooth responses 

corrupted by occasional blinks. The confidence data was then used to estimate where blinks occurred 
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and a linear interpolation applied to bridge any period where confidence dropped below 50%. The 

response for each trial was then normalised by the average pupil diameter 0.2 seconds before the start 

of the trial. The mean and peak pupil dilation were then calculated for each sentence. Missing data 

were imputed using predictive mean matching via the R package MICE (11). 

Figure 3 shows time histories of the normalised pupil response at each DWGP level. t = 0 marks the 

onset of the sentence. The solid lines show the mean over all participants and masker types, while the 

shaded areas indicate 95% confidence intervals. Pupil dilation varies considerably over the course of 

the sentence. Lower DWGP (higher noise level) seems to be associated with larger diameter, though 

the four noise levels are not cleanly separated over the whole sentence.  

 

 

Figure 3 – Pupil diameter time history for each DWGP level. 

 

To examine the effect of DWGP and masker type on pupil diameter, the time histories shown in Fig. 

3 have been converted to a mean pupil dilation (taken over the time period in Fig. 3). Mean diameters 

with 95% confidence intervals are shown as a function of DWGP in Fig. 4 and as a function of Masker 

in Fig. 5. 

A repeated-measures ANOVA using within-subject factors of DWGP and Masker shows significant 

main effects of DWGP and Masker (p < 0.05). There is no significant interaction effect (p = 0.46). For 

the effect of DWGP on mean diameter, ηG
2
 = 0.02 indicating a small effect size. For the effect of 

Masker on mean diameter, ηG
2
 = 0.01 indicating a small effect size. Post-hoc pairwise t-tests with 

Bonferroni corrections indicate that there are significant differences between the DWGP levels 0.3-0.6 

(p < 0.05) and 0.3-0.75 (p < 0.001). Post-hoc pairwise t-tests with Bonferroni corrections indicate that 

there are significant differences between the Masker levels CS-Urban (p < 0.001) and a tendency 

toward a difference between CS-Nature (p = 0.06). 

An alternative single-figure pupil variable is normalised peak diameter. When the dependent 

variable is taken as the peak pupil dilation, DWGP and Masker are both significant (p < 0.05 and p < 

0.001 respectively). The effect size for DWGP is much smaller than that for Masker when peak pupil 

dilation is used as the dependent variable (ηG
2
 = 0.006 and ηG

2
 = 0.01 respectively). 
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Figure 4 – Mean pupil diameter vs DWGP. 

 

Figure 5 – Mean pupil diameter vs masker. 

4. CONCLUSIONS 

The results are consistent with listening effort varying with DWGP and masker type, and also over 

the course of each sentence. Changing DWGP demonstrates the expected energetic masking effect and 

this is reflected in pupil dilation as well as word recognition rate. Changing the masker seems to 

additionally show an informational masking effect, on both behavioural and physiological responses. 

The competing speech masker is associated with the lowest word recognition rate and the largest pupil 

diameter. Both mean and peak pupil dilation seem to reveal changes in listening effort due to both 

energetic and informational masking 

However, while the behavioural measure (WRR) showed a large effect size for both DWGP and 

masker type, the effect size observed for the physiological measures was small. Further work is needed 

to understand the most appropriate analysis method for the pupillometry data. Possible avenues 

include the effect of different baseline durations and using pupil deconvolution to improve temporal 

resolution (12, 13). 
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Prediction of speech and noise quality for super-wideband and fullband
transmission

Jan Reimes

HEAD acoustics GmbH, Germany, telecom@head-acoustics.de

Abstract
ITU-T Rec. P.835 provides a well-established listening test procedure for the auditory performance evaluation
of devices containing signal processing components for noise reduction. In contrast to “classical” listening tests
according to ITU-T Rec. P.800, test subjects are asked for independent votes for speech quality (S-MOS), noise
intrusiveness (N-MOS) and overall/global quality (G-MOS).
However, since auditory testing is time-consuming and expensive, several instrumental models for quality pre-
diction according to ITU-T Rec. P.835 were developed and standardized in the past. These models are already
commercially available and widely used in industry for many years. However, so far only narrowband and wide-
band speech signals were supported. As devices with a higher acoustic bandwidth (e.g., terminals supporting
the EVS-codec) are currently entering the market, an extension to super-wideband and fullband mode was nec-
essary.
The new prediction model was developed in close interaction with several standardization committees. A com-
mon auditory testing framework was specified and a considerable number of auditory databases for training
and validation was created. This contribution provides an overview of the final prediction model, which was
recently introduced and standardized as ETSI TS 103 281. In addition, several prediction results from validation
databases are presented.
Keywords: speech quality, noise intrusiveness, prediction, model

1 INTRODUCTION
Speech communication terminals including noise reduction techniques, like e.g., mobile phones, usually have
to make a trade-off between a comfortable removal of noise and an intelligible, non-distorted residual speech
signal. Existing quality prediction methods are not applicable for several reasons: For example, the commonly
used method ITU-T Rec. P.863 [1], models a listening test design according to ITU-T Rec. P.800 and does not
provide information on the three quality attributes according to ITU-T Rec. P.835 [2].
The obsolete, but still commonly used prediction models ITU-T Rec. P.862 [3] and ITU-T Rec. P.862 [4] explic-
itly exclude use cases of acoustic insertion paths and noise reduction – and are only specified for narrowband (NB)
or wideband (WB) scenarios.
Instrumental methods capable of predicting these different quality dimensions are already available for several
applications in NB or WB, e.g. [5]. However, as it is desired to accurately assess speech signals coded and
processed with state-of-the-art technologies (e.g., EVS-SWB or -FB, containing audio bandwidth up to 20 kHz),
a new development was started by standardization bodies.
A preliminary version of the model was already introduced in previous work [6]. This contribution provides an
overview about the final prediction model for S-MOS, N-MOS and G-MOS, which was recently standardized as
ETSI TS 103 281 (model A).
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Ĥ(f)
ASL (P.56) ASLx′′′

x′′′(k)

y′(k)

�

�

×
alin

�

Time ranges of active speech

(b) Pre-processing

Figure 1

2 MODEL DESCRIPTION
2.1 Overview
Due to complexity of the whole model, only a brief overview of the prediction algorithm is introduced in
the following sections. Functionality of the different blocks and sub-blocks is mainly provided as high-level
descriptions. These focus on some key stages, which are unique compared to other speech quality prediction
algorithms. For a complete and more detailed description, see clause 6.3 of [7].
Figure 1a shows the overall flow chart diagram of the proposed prediction model. The degraded signal y(k)
contains processed speech and residual noise. The model assumes an input provided in the unit Pascal, i.e.
that y(k) is already scaled to a suitable presentation level of 73 dBSPL (see also listening test description in
Annex D of [7]). Beside y(k), also the clean speech reference x(k) is needed as an input. Similar to related
quality prediction models, a "full-reference" (or sometimes also called "double-ended") approach is chosen here.

2.2 Pre-processing
Pre-processing of input signals is an indispensable step in all common speech quality prediction models. It
ensures that systematic differences between y(k) and x(k) (regarding e.g., delay or level) are removed and that
subsequent analyses (in e.g., time-frequency representation) only detect audible differences.
Figure 1a depicts the different sub-stages of the pre-processing. First, both input signals are resampled to 48 kHz
and then time-aligned by a cross-correlation analysis. With the activity classification algorithm described in
[8], active speech and pauses are determined. In order to quantify possible band limitations, level differences
and/or non-correlated noise components between both signals, the transfer function Ĥ( f ) is calculated by the H1
methodology (cross-power spectral density) on a short-term basis. Based on this intermediate result, the gain a
between both signals can easily be obtained. The reference x(k) is scaled by this gain, i.e. the pre-processed
signals y′(k) and x′′′(k) provide approximately the same active speech level ASLx′′′ , which is calculated according
to [9].

2.3 Spectral Transformation
In the next block, the pre-processed signals are transformed into the time-frequency domain. Similar to other
speech quality prediction models, a hearing model representation close to human perception is chosen. Figure 2a
provides an overview of this sub-block for the spectral transformation.

2.3.1 Hearing model of Sottek
The hearing model according to Sottek [10] is utilized for the time-frequency representation of the input signals.
This transformation includes an auditory filter bank representation of the signal and a hearing-adequate envelope
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Ŝ(i, j)

X3(i, j)

×

�

ait

Frequency
Band

Aggregation

N̂(i, j)

Y (i, j)

X4(i, j)

�

N̂(i,m)
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determination which leads to a frame resolution of about 8 ms. The frequency bandwidth ∆ f ( fm) for the m-th
frequency band is given by equation 1.

∆ f ( fm) = ∆ f ( f0)+ c · fm. (1)

The initial bandwidth ∆ f ( f0) is set to 70 Hz and the factor c equals 0.14, which results in M = 27 bands up
to 20 kHz. In contrast to other hearing-adequate frequency scales, the proposed method includes the whole
fullband (FB) range.
In addition, each band is divided into Q = 3 equidistant sub-bands. This leads to J = Q ·M = 81 bands, which
are denoted with index j. This high resolution in frequency is necessary for the separation of speech and noise
(see section 2.3.2). At a later stage, both spectra versus time are aggregated back to M = 27 by applying a
squared average, as exemplarily shown in equation 2 for the degraded spectrum.

Y (i,m) =

√√√√ 1
Q

Q·(m+1)−1

∑
j=m·Q

Y (i, j)2 (2)

This time-frequency representation is calculated for the pre-processed signals y′(k) and x′′′(k). At this sub-block,
these spectra Y (i, j) and X4(i, j) exclude the non-linear compression (or loudness transformation) described in
[10], which is applied at later stages.

2.3.2 Separation of speech and noise
For the calculation of metrics correlating with auditorily assessed noise intrusiveness and speech distortion, it is
useful to separate the degraded spectrum Y (i, j) into a speech- (S(i, j)) and noise-only (N(i, j)) component, as
per equation 3. A (pseudo-)Wiener filter is used for this purpose, as shown in equation 4.

Y (i, j) = S(i, j)+N(i, j) (3)

S(i, j)≈ Ŝ(i, j) = Y (i, j) ·W (i, j) (4)

The Wiener gain W (i, j) is obtained according to equation 5, utilizing a noise estimation N̂(i, j) and a compen-
sated reference X̃3(i, j), which can be regarded as rough estimate for Ŝ(i, j). The latter spectrum is determined
as X3(i, j) multiplied (filtered) by the magnitude of

∣∣Ĥ ′(i, j)
∣∣ (Ĥ( f ) interpolated to hearing model bands).

W (i, j) =

√
X̃3(i, j)2

X̃3(i, j)2 + N̂(i, j)2
with X̃3(i, j) = X3(i, j) ·

∣∣Ĥ ′(i, j)
∣∣ (5)

For an estimation of the separated noise component N̂(i, j), first a binary mask of active time-frequency bins is
calculated based on X̃3(i, j). The methodology described in [8] is applied on the level-vs-time for each frequency

6166



X4(i,m)
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Figure 3. S-MOS metric calculations

band j, in order to classify active or inactive speech frames. The resulting activity mask A(i, j) is multiplied
by the degraded spectrum Y (i, j) and suppresses parts of active speech, noise-only bins remain. Each single
frequency band j of A(i, j) ·Y (i, j) can be regarded as a windowed time signal, which contains multiple zeros
with unknown (noise) content. In order to reconstruct these missing parts, the deconvolution algorithm described
in e.g., [11], is applied to obtain the noise estimate N̂(i, j).
As described in section 2.2, the input signal x′′′(k) includes already a level calibration in order to provide a
similar speech level as y′(k). In order to refine the with regard to temporal clipping and/or decreased frequency
bandwidth, an additional iterative scaling procedure is applied on the reference spectrum X3(i, j), resulting in
X4(i, j). This procedure is already extensively described in [6] and is left out here for sake of brevity.

2.4 Assessment of N-MOS
For the instrumental assessment of N-MOS, several metrics are calculated based on the noise-only spectrum
N̂(i,m). Since this quality attribute mainly depends on the perceived annoyance, psycho-acoustic parameters
like loudness or sharpness are addressed by these metrics. In contrast to common and/or standardized methods,
measures for the prediction model were developed and optimized with regard to the underlying auditory databases.
Figure 2b depicts the different sub-blocks for the metric calculations. Functionality like e.g., A-weighting,
non-linear compression (see section 2.3.1) and different methods for aggregation versus time and/or frequency
are used here. More detailed descriptions of the specific calculations of metrics can be found in [7]. Finally, a
Random Forest Regression (RFR) [12] with four features is used for the estimation of N-MOS.

2.5 Assessment of S-MOS
The auditory assessment of S-MOS is typically the hardest task for subjects in a listening test according to
ITU-T Rec. P.835. The term speech distortion may address several aspects like e.g., decrease of bandwidth,
temporal clipping, added artifacts, changes in modulation, level/loudness and/or signal-to-noise ratio (SNR) (cf.
[13, 14]). In consequence, any instrumental model has to analyze multiple possible impacts of degradation.
In the prediction algorithm for S-MOS, the separated speech component Ŝ(i,m) and the reference X4(i,m) are
used the calculation of comparison metrics, which can be divided into three classes of disturbances described in
the following subsections. Similar as for N-MOS, a RFR is used again for the combination of nine features to
the prediction of S-MOS.

2.5.1 Basic Metrics
Several basic metrics can be calculated with the separated components Ŝ(i,m) and N̂(i,m):
• Speech level ASLŜ (only active time ranges, aggregate energy of Ŝ(i,m) vs. frequency).
• SNR: ratio of active speech level and averaged A-weighted noise level:

SNR(A) = ASLŜ−10 · log10

(
1
Ti

∑i ∑
M
m=1 N̂(i,m)2

)

• Equivalent Rectangular Bandwidth ERBŜ according to [13].
More detailed descriptions of the specific calculations of metrics can be found in [7].
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2.5.2 Modulation-based Metrics
Figure 3a provides a flow chart of the two modulation-based metrics. The spectral representations of the speech
component Ŝ(i,m) and the reference X4(i,m) are used as the inputs of this sub-block.
In a first analysis, both spectra are transformed by a modulation filter bank according to [15], which utilizes
N = 8 sub-bands per frequency index m with center frequencies fc,mod(n), ranging from 4 Hz to 128 Hz. The
analysis described in [15] calculates modulation energy based on sub-frames of 256 ms, denoted as index i′.
The resulting 4D-representations Ŝ(i′,m,n), X4(i′,m,n) as well as the difference D(i′,m,n)=

∣∣Ŝ(i′,m,n)−X4(i′,m,n)
∣∣

are then first aggregated versus time. To address only the active frames, the 90 % percentile is used. As an
intermediate result, three average spectra versus frequency index m and modulation index n are obtained.
To emphasize critical frequency bands on the one hand and slightly depreciate low and high frequencies, a
modified A-weighting function [16] is derived according to equation 6.

Aclip(m) = max(−10dB,A(m)) (6)

For the metric Difference in Modulation Energy (DME), D(m,n) is aggregated versus bands and versus modulation
frequencies, as shown in equation 7.

DMEŜ = 20log10

(
1
N

N−1

∑
n=0

√
M−1

∑
m=0

(
Aclip(m) ·D(m,n)

)2

)
(7)

In another branch, the second metric is derived from the principle described in [15]. For each frequency
band m in the reference X4(m,n), the maximum magnitude across all modulation bands is determined. These
corresponding modulation indices nmax(m) are then selected in Ŝ(m,n) to obtain the maximum modulation energy
ratio (MMER), as given by equation 8.

MMERŜ = 20log10

(
Aclip(m) · Ŝ(nmax,m)

X4(nmax,m)

)
(8)

2.5.3 Spectral Distance Metrics
Similar to in other speech quality prediction models, a processing step called reference optimization is applied on
X4(i,m). The goal of this procedure is to compensate the reference spectrum for inaudible differences especially
for the spectral distance metrics, i.e. to adjust it towards the degraded spectrum. This procedure is already
extensively described in [6] and is left out here for sake of brevity. The output of this optimization step is
denoted as X5(i,m) and is only used for the spectral distance metrics (cf. 3b).
Metrics based on the difference (or ratio) between degraded and (optimized) reference spectra are often used in
speech and audio quality prediction. Spectral differences usually correlate with the perceived disturbance and
are then aggregated versus time. In the current prediction model, this approach is also used in several ways.
Figure 3b illustrates the flow chart for the determination of distance-based metrics.
First, both hearing model spectra Ŝ(i,m) and X5(i,m) are transformed by the non-linear loudness function
(see section 2.3.1) to ŜNL(i,m) and X5,NL(i,m), respectively. Then the delta-spectrum ∆(i,m) is determined by
subtracting each time-frequency bin of speech and clean reference spectra. In order to obtain a single value
of this analysis, an aggregate versus frequency is performed by an L2-norm and averaging across frequency.
Temporal smoothing of the resulting curve vs. time is then applied by a median filter (window size 40 ms).
Finally, the single value ∆Ŝ,NL obtained by again applying an L2-norm versus time, taking only active speech
parts into account.
In a similar way, three related metrics are calculated. In three additional branches, ∆(i,m) is separated into three
frequency bands for low (50-3800 Hz), mid (3.8-7.8 kHz) and high (7.8-20 kHz) as shown in Figure 3b. These
subsets ∆low(i,m), ∆mid(i,m) and ∆high(i,m) contribute in different ways to speech quality perception. In the
same way as described above, the single values ∆Ŝ,NL,low, ∆Ŝ,NL,mid and ∆Ŝ,NL,high are calculated.
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2.6 Assessment of G-MOS
In several ITU-T Rec. P.835 prediction models, the overall quality G-MOS is usually obtained by combining the
outputs for S-MOS and N-MOS (by e.g. linear regression). In the proposed model, this approach is extended by
an additional similarity measure ∆Y,NL between degraded and reference spectra. It is calculated exactly in the
same way as ∆Ŝ,NL described in section 2.5.3, but utilizing the spectrum Y (i,m) (includes speech plus residual
noise). The resulting three features for the estimation of G-MOS are again combined with a RFR.

3 TRAINING AND TEST DATABASES
Obviously, the introduced prediction model has to be trained and tested with data originated from auditory
tests. In order to reduce variance and ensure comparability, the 3GPP work item DESUDAPS [17] was initiated.
Within this work item in standardization, more than 20 comprehensive auditory databases were contributed by
different parties to the pool.
Each database followed a framework extending the existing guidelines according to ITU-T Rec. P.835 and
consists of 32-48 conditions each. 8-16 samples and at least four talkers per condition were used. By providing
databases with American English, German and Mandarin speech sequences, it was made possible to develop a
model robust to language, talkers and/or specific samples.
Each database contains recordings of real and simulated terminals in conjunction with realistic background
noise field simulation according to e.g., [18]. Several applications and use cases like e.g., handset, headset and
hands-free modes are represented in this comprehensive pool of databases.
Annex B of [7] provides a complete list of databases used for training and testing1. For each database declared
as training, the metrics as described in section 2 were calculated and the three RFR estimators were fitted to the
auditory data on a per-sample basis.
Two test databases (DES-25 and DES-26, cf. clause 8.4 and 8.5 of [7]) provided speech recordings that address
typical use cases (handset, headset and hands-free mode of mobile phones) and noise scenarios. During the
development of the prediction model, the auditory data of the test databases were unknown and could not be
used for training/validation/testing purposes. Instrumental results were obtained by an independent third party
laboratory. According to the approved performance requirements defined in standardization [19], the prediction
model had to pass certain thresholds:
• rmse* < 0.30 for S-MOS and rmse* < 0.25 for N-MOS,
• maxabs* < 0.5 for S-MOS and N-MOS.

Figure 4 and 5 provides prediction results per condition of the two test databases in form of a scatter plot. In
addition, prediction performance metrics rmse* (according to ITU-T Rec. P.1401 [20]) and maxabs* (cf. clause
8.1 of [7]) are provided for each attribute inside the plot.
For S-MOS (Figure 4a and 5a), the model provides a highly accurate prediction in the medium quality range. A
slight underprediction for the upper range in both databases, which can be compensated by a 3rd-order mapping
function. Performance metrics for S-MOS meet the requirements mentioned above.
For N-MOS (Figure 4b and 5b), the absolute prediction is high accurate across the whole quality attribute, but
including an overprediction at the lower end. This effect is most likely due to the training of the model, where
quite bad noise conditions were included. Also for N-MOS, the requirements regarding performance metrics are
met after a 3rd-order mapping function.
As already described in section 2.6, G-MOS is explained by the most part by S-MOS and N-MOS. Thus, no
specific requirement was set here. However, the model also provides excellent prediction accuracy for this
attribute (Figure 4c and 5c), even without any additional mapping function.

1In the field of standardization, the term validation is commonly used for the "blind" evaluation of new algorithmic methods like e.g., speech/audio
codecs or quality prediction models. This terminology is contrary or even confusing with regard to recent developments in machine learning, where
typically the term test is used for this purpose. Validation is used for an optimization step during the training process that also requires non-training
related data. For sake of consistency, the term test is used in this contribution for the "blind" model evaluation.
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Figure 4. Prediction results of test database DES-25
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Figure 5. Prediction results of test database DES-26

4 CONCLUSION
Based on an excellent collaboration between different parties in standardization, a new prediction model for the
instrumental assessment of speech distortion, noise intrusiveness and overall quality was developed and finally
standardized as ETSI TS 103 281 (model A). This work summarized some of the algorithmic key features of
the new model as well as results of test databases, which were evaluated by a third-party. Based on numerous
training databases, the introduced model provides a highly accurate prediction performance for the evaluation of
noise suppression capabilities of terminals.
In contrast to existing prediction methods [5], the new model does not require a second reference signal (unpro-
cessed reference) as an input anymore. Thus, the new approach could be extended also for other use cases and ap-
plications, like e.g. vehicle hands-free for the usage in measurement specifications ITU-T Rec. P.1100/1110/1120.
A possible update may also provide an implicit or explicit operational mode for NB or WB bandwidth.
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Abstract
An approach for instrumental assessment of audio systems is presented in this contribution, which is based on
binaural recordings of real music signals as well as measurement signals. Any system for instrumental assess-
ment of audio quality should ideally be able to replicate the perception of a human test subject. An auditory
test design based on music signals was recently devised that was shown to lead to reliable test results even with
naïve test subjects. The test utilizes three individual attributes (timbre, distortions and spaciousness) along with
a judgement on overall quality to quantify the perceived quality. Several auditory tests were conducted with the
proposed design to collect training material for the system that is presented in this contribution. The system con-
sists of two main components: An analysis stage that contains specific components for the individual attributes
and a trained regression that utilizes the results of the conducted listening tests to establish a relation between
the analyses and human perception. This contribution presents an overview of the assessment system, highlights
the interaction between analyses and quality perception, and makes a comparison with auditory results.
Keywords: Audio Quality, Instrumental Assessment

1 INTRODUCTION
Instrumental assessment of audio quality is a very challenging task due to the different components (technical
and non-technical) which influence the quality perception. The known instrumental approaches (e.g., [3] and
[5]) are based on degradation tests according to [4]. They focus on the degradation that is introduced by lossy
coding of audio signals and quantify only the basic audio quality without further analysis of additional attributes.
A completely separate task is the assessment of different audio systems including the acoustic setup. This
comprises, e.g., the comparison of loudspeakers, amplifiers, spatial audio rendering schemes or even complex
applications like car audio systems. Such systems were auditorily assessed in a listening test (presented in [11]
and extended in [15]) for a single attribute: overall quality. The test results in different test environments were
compared – the outcome being that tests in a listening laboratory are mostly equivalent to tests in a car.
Some auditory investigations into additional attributes for assessing audio quality can be found in [2], [8] and
[9]. A listening test methodology for the comparative assessment of different audio systems using four quality
attributes was introduced in [13].
This contribution briefly describes the listening tests, which provide the underlying perceptual data for devel-
oping an instrumental model before providing an overview of a structure for an initial instrumental model and
outlining the analyses for the different quality attributes. The similarities and differences between the chosen
analyses are described and example prediction results are given.

2 AUDITORY ASSESSMENT
A comparison category rating (CCR) listening test (adapted from [7]) was already proposed in [13] for the
auditory assessment of multichannel audio systems. The four quality attributes in the test are timbre, distortion,
immersion and overall quality. The reliability of the ratings that were given by the individual test subjects can
be quantified by performing an analysis of circular triads in the result data. [13] also describes a procedure
for this analysis along with thresholds for deciding which results can be used in the subsequent analysis and
modeling stages. The general outcome of the investigation was that it is (in general) possible to conduct this
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type of listening test with naïve test subjects. Only a few cases of inconsistent voting occurred and these can
be identified (and removed) by the described analysis approach.
Additionally, the relation between the individual quality attributes and the overall quality was investigated in
[13] as well. The connection between the attributes and the overall judgement was described by a simple linear
regression:

Overall quality = 0.5 ·T +0.23 ·D+0.46 · I (1)

The auditory results for the overall quality and the results according to Equation 1 are depicted in Figure 1. It
can be observed that the correlation between the auditory results and the prediction is very high and there are
no outliers.

Figure 1. Comparison of auditory results for overall quality and prediction of overall quality from the other
three attributes (figure from [13])

3 STRUCTURE OF THE PREDICTION SYSTEM
A very brief overview of the structure for an instrumental model was given in [16]. The structure is shown in
Figure 2. The preprocessing stage ensures that the signals are fed into the analysis stages in a defined manner,
e.g., regarding the sampling rate.
In the following, the analyis stages are described in more detail. It is shown that there are some fundamental
classes of analyses which could be utilized and arguments against one of the classes are given.
Note that this contribution only considers the prediction of the individual quality attributes and there is no
separate analysis stage for the overall quality: If the quality attributes are predicted well, Equation 1 will yield
a good prediction of overall quality.

4 ANALYSES STAGES
The analysis stages aim to quantify the perceived quality of the music signals ma,n(k) (with a denoting the
audio system and k as the discrete time index) that were also used in the listening test, i.e, the stages have
to provide R different analysis results r1...R,,(T |D|I)(a,n) for each music piece n (the subscript indicating the
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Figure 2. Simple block diagram of an instrumental model (figure from [16])

attribute that shall be quantified: T imbre, Distortion and Immersion). As an additional information to these
music signals, sweep recordings sa(k) for the audio system a must be provided as well for certain analyses as
will be described in the following. The listening test uses six music signals for each audio system (cf. [13]),
but there is only one sweep recording for each audio system.
There are three fundamental possibilities how these signals could be used to quantify the behaviour of audio
system a for the music piece ma,n(k):

• Analysing only the music signal ma,n(k),
• Analysing only the sweep signal sa(k),
• Analysing both signals (ma,n(k) and sa(k)).

Depending on the specific analysis, there are cases where analysing the music signal alone or analysing both
signals makes more sense. Analysing the sweep signal alone, though, is practically never useful for two reasons.
First and foremost, the analysis result would be independent from the actual piece of music that was played.
This is in clear contrast to the everyday experience that an audio system can not play all types of music (or
all songs) similarly well. For example, a very small audio system is usually not capable of reproducing low
frequencies. While this is very perceivable (and detrimental) for music pieces that contain a lot of bass, it is
only a minor issue for other pieces that contain, e.g., vocal performances.
Secondly, this is also an issue from an algorithmic point of view: The mapping between the analysis results
r1...R,(T |D|I)(a,n) and the instrumental quality values MOS(T |D|I) is done by a trained regression approach (e.g., a
neural network or a random forest). The critical aspect here is the training of the regression which connects the
analysis results with the auditory results: Analyses that only consider the sweep recording lead to a situation
where (possible vastly) different auditory results (one for each music signal ma,n(k)) have to be derived from
identical analysis results (for sa(k)).
In the following, five analyses for each quality attribute are briefly described. The results of these analyses are
combined to get a quality prediction for each attribute.

4.1 TIMBRE ANALYSES
A first example for an analysis that is useful for predicting the quality attribute was already given in [16]: A
comparison of the frequency response FRa(µ) of the audio system with a target frequency response FRtarget(µ)
with µ as the discrete frequency index. As the frequency response is a property of the audio system that
does not consider the actual music signal in any way, a weighting was already introduced in [16] that uses
a normalized signal spectrum Mn(µ). This allows to get the first analysis result for timbre by calculating the
mean absolute value (across the Nµ frequency bins) of the weighted difference according to:

r1,T (a,n) =
1

Nµ
∑
µ

∣∣Mn(µ) ·
(
FRa(µ)−FRtarget(µ)

)∣∣ (2)
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It was observed when analysing the auditory results for the other quality attributes, that this analysis is reason-
ably correlated with the other two attributes as well. Accordingly, it is used in all analysis blocks:

r1,D(a,n) = r1,T (a,n) (3)
r1,I(a,n) = r1,T (a,n) (4)

Three other analyses for timbre also focus on the transmission characteristics of the audio system by comparing
the reference signals xn(k) that were fed into the audio systems with the recorded signals ma,n(k) in different
spectral representations.
Two analyses calculate percentiles of differences of averaged blockwise Fourier transforms (denoted Xn(µ) and
Ma,n(µ) in dB, respectively) in specific frequency ranges that were identified as particularly important for the
judgement of the test subjects. The Fourier transform uses a block length of 4096 samples with a Hann window
and 50 % overlap. The two frequency bands are denoted as bass from 60 Hz to 250 Hz and upper midrange from
2000 Hz to 4000 Hz. The two analysis are formulated with Pξ as the ξ -th percentile across frequency as

r2,T (a,n) = P5 (Xn,bass(µ)−Ma,n,bass(µ)) (5)
r3,T (a,n) = P90

(∣∣Xn,upper midrange(µ)−Ma,n,upper midrange(µ)
∣∣) (6)

The hearing model from [17] is used to calculate hearing model spectra (denoted Xn(µhm) and Ma,n(µhm),
respectively) and the mean absolute difference between the two spectra is used as the fourth metric for timbre.

r4,T (a,n) =
1

Nµhm
∑
µhm

|Xn(µhm)−Ma,n(µhm)| (7)

Finally, one analysis, the spectral flux according to [1], is used as r5,T (a,n) to roughly quantify the temporal
behaviour of the audio system.

4.2 DISTORTION ANALYSES
In addition to the aforementioned frequency response metric r1,D(a,n), the analyses for distortion mostly aim
at quantifying non-linearities. One example metric was also already introduced in [16]. It is closely related to
the total harmonic distortion but uses only the power of a select few harmonics in relation to the power of the
fundamental:

r2,D(a,n) =
P4...11(a,n)

P1(a,n)
(8)

The next two analyses are based on an analysis of the spectrogram of the sweep measurement with an image
processing approach. A detailed description of the methodology is beyond the scope of this overview. The anal-
yses quantify the amplitude and the spread of the harmonics separately for low (r3,D(a,n)) and high (r4,D(a,n))
frequencies.
In a similar vein to the timbral analyses, there is also one analysis for distortion that mainly considers temporal
characteristics. Modulation spectra Xmod,n(λ ,µmod) and Mmod,a,n(λ ,µmod) (with λ as the index of the analysis
frame and µmod as the modulation frequency) are calculated and the mean value of the difference between the
spectra across the Nλ analysis frames and the Nµmod modulation frequencies is used according to

r5,D(a,n) =
1

Nλ ·Nµmod
∑
λ

∑
µmod

Xmod,n(λ ,µmod)−Mmod,a,n(λ ,µmod) (9)

4.3 IMMERSION ANALYSES
It is known that there is a fairly strong relation between the spectral structure of a signal and the spatial per-
ception with, e.g., different frequency bands contributing differently to localisation cues (cf. [10]). Accordingly,
it is not surprising that there is a strong overlap between the analyses for timbre and immersion.
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In fact, there are two analyses that are identical and one that is very similar. As denoted before in Equation 4,
the frequency response analysis is used here as well. The same holds for the spectral flux according to [1].

r2,I(a,n) = r5,T (a,n) (10)

The third analysis is a variation of Equation 6 – the only difference is that the difference between the averaged
Fourier transforms is used instead of the absolute value of the difference.

r3,I(a,n) = P90
(
Xn,upper midrange(µ)−Ma,n,upper midrange(µ)

)
(11)

The final two analyses are very specific for immersion. They are based on a binaural hearing model [14] that
provides information about the spatial distribution of sound sources in the signals in the form of correlograms
Xcorr,n(λ ,τ) and Mcorr,a,n(λ ,τ) with τ as one of the Nτ considered lateralizations. Differences between the cor-
relograms are then used to quantify changes in the spatial representation (cf. [12]). The percentile is determined
across the entire correlogram difference, i.e., across all frames and all lateralizations.

r4,I(a,n) = P5 (Xcorr,n(λ ,τ)−Mcorr,a,n(λ ,τ)) (12)

r5,I(a,n) =
1

Nλ ·Nτ
∑
λ

∑
τ

(Xcorr,n(λ ,τ)−Mcorr,a,n(λ ,τ)) (13)

5 PREDICTION RESULTS
Since the listening tests compare two signals, the differences between the analyis results for two signals are
used as the input for a random forest regression (50 trees, at least 3 samples per leaf). Three different auditory
tests according to the procedure described in [13] were carried out – two of these are used for training the
random forests, the remaining test is used as a validation data set.

(a) Training data (b) Validation data

Figure 3. Prediction results for timbre

All result figures are scatter plots of the auditory mean opinion score (MOS) against the instrumental MOS.
The left subfigures contain the results for the training data while the right subfigures give the results for the
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validation data. The results are averaged across the different songs that were used. Thus, the blue points always
represent comparisons between two audio systems. For a perfect prediction, instrumental and auditory results
would be identical and all points would be on the main diagonal. In particular for the validation data, this is
not realistic as, e.g., the context of the listening test was different. To compensate for this, a monotonic third
order mapping function (cf. [6]) is determined that shifts the instrumental results towards the main diagonal.
This mapping function is depicted as the dashed red line in the figures and root mean square error (rmse)
as well as the largest absolute difference (maxabs) between the auditory results and the mapped instrumental
results is given. These two values quantify both the average and the worst case performance of the instrumental
assessment.
The results for the quality attribute timbre are shown in Figure 3. Looking at the results for the training data,
it can be observed that the utilized regression algorithm is capable of reproducing the auditory results from
the results of the chosen analyses. There is a small residual error due to the parameterisation of the random
forest – having more than one sample per leaf effectively removes the capability of the regressor to perfectly
memorize the training data.
The validation data set can be predicted satisfactorily, the instrumental assessment models the auditory results
well. The error is unsurprisingly higher than for the training data. There is also a visible tilt in the data
points: The instrumental results cover a range of approximately 3 points on the rating scale while the auditory
results only cover a range of slightly more than 2 points. The instrumental assessment slightly overestimates
the perceptual differences in this data set.

(a) Training data (b) Validation data

Figure 4. Prediction results for distortion

The results for the distortion attribute are depicted in Figure 4. As before, the training data is reproduced very
well, both the average and the maximum error are even smaller than for timbre. At least part of the reason
for this better performance is the limited range of values that is present in the auditory data for this attribute:
There are barely any data points beyond ±1.
This is even more pronounced for the validation data: Only a very limited range of ratings was observed for
these audio systems. Nevertheless, the instrumental assessment is capable of distinguishing between the audio
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systems quite well. Again, the differences are overestimated compared to the auditory results leading to a
shallow slope of the mapping curve.

(a) Training data (b) Validation data

Figure 5. Prediction results for immersion

Lastly, the results for immersion are given in Figure 5. The results for the training data are very similar to the
results for timbre. The average and maximum error are slightly better than timbre but worse than distortion.
The range of values in the auditory results is ±2.
The performance for the validation data is quite different from the other to attributes. There is no overesti-
mation, the mapping curve is very close to the main diagonal in the range where any results are located (i.e.,
±1.7). The average and maximum error are clearly the highest, though. A particular issue is the vertical group
of data points around an instrumental result of 0. The instrumental assessment is not capable of distinguishing
between these systems but the test subjects perceived a quality difference.
In general, the assessment system is capable of approximately predicting the auditory results for all three qual-
ity attributes well. There are some cases of overestimations for timbre and distortion and a slightly inferior
prediction performance for immersion. The reason for these is certainly the limited amount of auditory data
that was available for training the regression stages.

6 CONCLUSIONS
An overview of an instrumental assessment system for audio quality was presented and the necessary analy-
ses were described. Similarities and differences between the analyses for the three quality attributes timbre,
distortion and immersion were highlighted. The system utilizes five analyses for each attribute.
Example results of the assessment system confirm that the chosen analyses provide meaningful information
concerning the perceived quality of the audio systems. The performance of the system for the training and the
validation data was discussed separately for the quality attributes showing that while the performance in general
is very satisfactory, there are some differences in detail that require further investigation and additional auditory
tests.
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RTF-steered binaural MVDR beamforming incorporating an external
microphone for dynamic acoustic scenarios

Nico GÖSSLING(1,2), Simon DOCLO(1,2)

(1)Signal Processing Group, Dept. of Medical Physics and Acoustics, University of Oldenburg, Germany
(2)Cluster of Excellence Hearing4all, Germany

Abstract
Noise reduction algorithms for head-mounted assistive listening devices are crucial to improve speech intelligi-
bility and speech quality in noisy environments. A well-known binaural noise reduction algorithm is the binaural
minimum variance distortionless response (BMVDR) beamformer [1, 2, 3], which can be steered using the rela-
tive transfer function (RTF) vectors of the target speaker. Aiming at improving the noise reduction performance,
recently the usage of an additional external microphone has been explored. In this contribution, we consider the
recently proposed spatial coherence (SC) method to estimate the extended RTF vectors, assuming that the noise
component in the external microphone signal is uncorrelated with the noise component in the head-mounted
microphone signals [4, 5, 6]. Simulation results for a dynamic scenario with a moving speaker in a reverberant
room with diffuse noise show that the SC method yields a slightly better performance than the widely used co-
variance whitening method at a much lower computational complexity. Moreover, simulation results show that
the RTF-steered BMVDR beamformer filtering all microphone signals outperforms the RTF-steered BMVDR
beamformer filtering only the head-mounted microphone signals, a fixed BMVDR beamformer steered towards
the frontal direction as well as the external microphone signal.
Keywords: MVDR Beamforming, Binaural Noise Reduction, External Microphone
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Comparison of ideal mask-based speech enhancement algorithms 
for white noise and low mixture signal-to-noise ratios 

Simone GRAETZER1; Carl HOPKINS1 
1 Acoustics Research Unit, School of Architecture, University of Liverpool, UK 

ABSTRACT 
The intelligibility of noisy speech can be improved by applying an ideal binary or soft gain mask 

in the time-frequency domain for signal-to-noise ratios (SNRs) that are typically between -10 and 
+10 dB. In this study, two mask-based algorithms are compared when applied to speech mixed with 
white Gaussian noise (WGN) at low SNRs (from -29 to -5 dB). These comprise an Ideal Binary Mask 
(IBM) with a local criterion set to 0 dB and an Ideal Ratio Mask (IRM). The performance of Short-
Time Objective Intelligibility (STOI), and a STOI variant (termed STOI+), is compared with that of 
other monaural intelligibility metrics that can be used before and after mask -based processing. The 
results show that IRMs can be used to obtain near maximal speech intelligibility (> 90% for sentence 
material) even at very low mixture SNRs, while IBMs with LC = 0 provide limited intelligibility gains 
for SNR < -14 dB. It is also shown that STOI+ is a suitable metric for speech mixed with WGN at low 
SNRs and processed by IBMs with LC = 0, even when the speech is high-pass filtered to flatten the 
spectral tilt. 
 
Keywords: Speech, Intelligibility, Enhancement 

1. INTRODUCTION 
Degraded speech signals, such as those transmitted along a noisy channel, can be enhanced by 

means of time-frequency segregation (TFS). In this approach, signals can be decomposed into time-
frequency (t-f) units and, on the basis of a local estimate of the signal-to-noise ratio (SNR), a user-
defined rule sets the gain of each unit to one or zero to form an Ideal Binary Mask (IBM). Ideal masks 
are estimated with access to the clean speech signal such that the user-defined rule specifies a Local 
Criterion (LC). For example, with LC = 0 dB, the gain is set to one when the difference between the 
clean speech and the noise is at least 0 dB. The degraded signal is enhanced by multiplying it by the 
IBM, such that where the interference dominates the target speech, the signal energy is discarded. In 
the case of signals mixed with broadband noise at very low SNRs, the enhanced signal effectively 
becomes binary-gated noise, i.e., noise on which approximations of speech temporal envelopes have 
been imposed. An unwanted feature of IBMs can be tone-like artefacts in the enhanced signal; this 
distortion is often referred to as musical noise. An alternative mask-based speech enhancement 
algorithm that minimises or avoids these artefacts is an Ideal Ratio Mask (IRM); this determines the 
mask value from the estimated ratio of the target and the mixture signal energy (1). Assessments of 
IBMs and IRMs in the literature tend to use SNRs between -5 and +10 dB, for which IRMs are shown 
to have potential advantages in terms of speech quality and intelligibility (e.g., see 2,3). In this paper, 
the aim is to assess the intelligibility benefits of both binary and ratio ideal masks for speech mixed 
with white Gaussian noise (WGN) for low SNRs, which range from -29 to -5 dB. 

Listening tests provide information about the improvement in intelligibility that can be achieved 
by masking algorithms. However, it is not always feasible to run these tests. Correlation-based 
‘objective’ or instrumental metrics such as STOI (4) have been shown to perform relatively well in 
predicting intelligibility and, in particular, the effects on intelligibility of non-linear speech processing 
(e.g., for noise suppression, in which context a measure must be able to assess intelligibility accurately 
when the enhanced signal contains no target speech fine structure). STOI was introduced for 
intelligibility prediction before and after application of time-frequency varying gain functions. It is 
suited to mixtures of speech and noise that have been subjected to non-linear processing, where the 
                                                        
1 Current email addresses: s.n.graetzer@salford.ac.uk, carl.hopkins@liverpool.ac.uk  
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noise or degradation is not additive. STOI tends to outperform traditional objective metrics for ideal 
TFS-processed speech at least for sentences for which intelligibility scores are ≥ 20% and mixture 
SNRs exceed -10 dB (5). Recent work by the authors (6) on the evaluation of STOI for speech mixed 
with noise at low SNRs after enhancement with IBMs indicates that an improved STOI-based metric 
(referred to in this paper as STOI+) would not use clipping; hence this STOI variant is also assessed. 

The experiments reported in this paper compare the performance of the IBM with LC = 0 and the 
IRM for WGN and low SNRs, and compare the performance of STOI+ with STOI, non-intrusive STOI 
(NI-STOI) (7), the Normalised Covariance Metric (NCM) and the Coherence Speech Intelligibility 
Metric or CSII (8,9). This study aimed to (a) identify differences in the percentages of words correctly 
identified in speech degraded by additive WGN and enhanced by two masking algorithms: IBM with 
LC = 0 and IRM, and (b) to evaluate the performance of STOI and the proposed STOI variant, termed 
STOI+, in predicting the percentages of words correctly identified for speech processed by an IBM 
algorithm with LC = 0.  

2. EXPERIMENTAL PROCEDURE 

2.1 Objective metrics 
In this paper, STOI was calculated using publicly available code (4). The STOI+ metric is the same 

as STOI but with the clipping function removed and where only finite intermediate d values are 
averaged to obtain the final d value. If clipping is not performed, the correlation coefficients are 
independent of any normalisation. NI-STOI is similar to STOI except that it estimates clean signal 
envelopes from the degraded speech envelopes. The true clean signal is only used to determine which 
frames include speech via a voice activity detector (i.e., the voice activity detector is ‘ideal’). A faint 
noise signal is added to the degraded signal to allow NI-STOI to predict the intelligibility of signals 
‘where aggressive speech processing renders the presented signal almost inaudible ’ (7, p. 5086). The 
clipping process is not applied. The NCM is calculated according to Goldsworthy and Greenberg’s 
method (10). CSII is computed using short-time segments with a window length of 30 ms and a 7.5 ms 
frame shift. Only the results for the mid-level region, CSIIm, are reported.  

Separate logistic mappings are computed for talker gender, filter and masking algorithm conditions. 
Transformation via the rotationally symmetric logistic function, f(x) = 100/(1+eax+b), allows the 
calculation of parametric figures of merit: linear correlation coefficients (Pearson’s ρ) and estimates 
of the prediction error based on these coefficients (σe; see 4).  

To compute the mean metric bias, b, the measured scores, y, were subtracted from the 
corresponding predicted scores, x, as follows, where N is the number of measured scores: b = 1/N·∑(x 
– y). The interquartile range of the bias indicates the reliability of the predictions, with smaller ranges 
indicating higher reliability. 

2.2 Talkers and speech material 
For the speech material, the 720 IEEE sentences (11) were produced with a normal vocal effort by 

twelve talkers (six male, six female) in an anechoic chamber. The talkers were native speakers of 
British English and their speech was close to Received Pronunciation.  The speech signals were high-
pass filtered to remove energy below 60 Hz using a Finite Impulse Response (FIR) filter with a Kaiser 
window, and low-pass filtered to attenuate energy above 9 kHz (predominantly electrical background 
noise). These recordings are freely available in the ARU speech corpus (12).  

2.3 Subjects and method 
The experiment received prior approval from the University of Liverpool ethics committee. 

Twenty-four untrained listeners between the ages of 18 and 45 were recruited as subjects (12 male,12 
female). All listeners used English as a first language. Before the experiment, each subject underwent 
an audiometric screening test according to ISO 8253-1 (13) to determine their thresholds of hearing 
between 125 Hz and 8 kHz. Only listeners with a hearing loss less than 20 dB hearing level (HL) took 
part in the experiment. 

Each listener heard sentences produced by four of the twelve talkers (two male, two female), who 
were selected pseudo-randomly. All listeners were assigned nine SNRs ϵ [-29 -26 -23 -20 -17 -14 -11 
-8 -5] dB, two filter conditions (with a high-pass filter, HPF, and without, non-HPF; defined in Section 
2.4) and one masking algorithm. Each SNR and filter combination was used for one word list for each 
of the four talkers. Each listener therefore participated in a total of 72 listening conditions (4 talkers 
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x 9 SNRs x 2 filter conditions x 1 masking algorithm). The total testing time per listener was 
approximately 2.5 hours, which was divided into two sessions. The subject was asked to type the 
words they identified into a text box in a MATLAB custom graphical user interface (GUI) within a 
time limit of 15 s per sentence. The subject was asked not to guess any words and to check their 
spelling before submitting words. Incorrect spelling was identified and assessed after the experiment 
using the following rules: (a) allow misspellings using “a” instead of “e,” (b) ignore punctuation such 
as apostrophes, (c) allow homonyms, and (d) allow either American English or British English spelling. 

2.4 Signal processing  
The clean speech signals are termed ‘non-HPF’. Duplicates of these signals were high-pass filtered 

by means of a linear-phase equiripple type FIR filter, which was used to flatten the spectral tilt by 
increasing the magnitude of the speech signal as the normalised frequency approached a value of one 
and decreasing it as the normalised frequency approached zero. This ‘pre-emphasis’ filter condition 
is termed ‘HPF’. Long-term average spectra per filter condition and talker gender are shown in Figure 
1. The active speech levels of all signals were equalised using the procedure in ITU-T P.56 (14). A 
pseudo-randomly selected segment of WGN was added to the speech signal to obtain the required 
SNRs based on the active speech level (14). This additive noise was gated on and off 1 s before and 
after the signal respectively. 

 
Figure 1 – Long-term average spectra for male and female talkers in the HPF and non-HPF conditions. 

 
As has been mentioned, in this experiment, two speech enhancement algorithms are evaluated: 

IBM with LC = 0 and IRM. Other masking algorithms were also evaluated in the larger experiment 
but are not presented here due to lack of space. Algorithms were based on publicly available code 
from Wang (15). The frequency range for both types of mask is 80 Hz to 12 kHz, where the lower 
limit was decided on the basis of where the background noise below 100 Hz approaches the long-term 
average male speech spectra and the upper limit is half the sampling rate  (after downsampling to 
24 kHz). 

The process of speech enhancement via IBM algorithms involves multiplying signals by binary 
gain values based on the local SNR in each t-f unit. The gain function is given in Eq. 1, where T 
denotes the target and M, the masker. This function involves assessing whether, in each channel and 
frame, the difference between the energy in the target cochleagram and in the scaled masker 
cochleagram is greater than LC = 0 dB.  
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 (1) 

 
To obtain the signals, a fourth-order gammatone filterbank was used with 128 channels, a 

gammatone filter length of 128 ms, and a frequency range of 80 Hz to 12 kHz with frequencies equally 
spaced on the ERB rate scale, with middle-ear loudness-based gain normalisation. The output of the 
gammatone filterbank was used to generate a cochleagram with a window length of 20 ms with a 
10 ms frame shift. The IRM is obtained on the basis of the gain function shown in Eq. 2, where the 
‘tuning’ or compression constant,  = 0.5. 

, (2) 

Within each channel and frame, a raised cosine window is multiplied by the output of the gain 
function plus weights to create weighted mask values. The filterbank output is multiplied by the mask 
values to obtain the synthesised signal.  

An example speech signal with associated cochleagrams and both IBM and IRM masks is shown 
in Figure 2.  

 

 
Figure 2 – Example Ideal Binary and Ratio Masks with mixture SNR = -14 dB. 

 

2.5 Signal presentation 
The experiment took place in a sound-attenuated booth in which the background noise level at the 

listener position was 22 dB LAeq. The stimuli were presented diotically to the subjects using a playback 
system that consisted of Beyer Dynamic DT770 Pro headphones (electronically limited to 95 dB 
output) and a PC located outside the sound-attenuated booth. The PC ran a MATLAB GUI. The audio 
output of the playback system (headphones and PC) was calibrated using a B&K type 4100 head-and-
torso simulator (HATS) (Type 4189 microphones in each ear canal). The background noise measured 
at the entrance to the ear canal with the HATS wearing headphones connected to the PC was also 
22 dB LAeq.  

The sampling rate of the signals presented was 24 kHz with 16-bit resolution. The presentation 
level was set by the subjects at the beginning of the experiment to 70 or 75 dB LAeq. When setting the 
presentation level, listeners heard sentences processed by their  assigned masking algorithm with a 
mixture SNR of -5 dB. In the familiarisation stage, listeners heard one clean sentence and four 
enhanced speech sentences at SNRs equal to -5, -8, -11 or -14 dB. These sentences were selected 
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pseudo-randomly from the talkers assigned to the listener. 

3. RESULTS 

3.1 Intelligibility scores 
Figure 3 shows the intelligibility scores per masking algorithm expressed as words identified 

correctly per word list by each listener per talker, SNR and filter condition. Scores for noisy speech 
were close to 0% below -11 dB, with a speech reception threshold (associated with intelligibility 
scores of 50%) close to -5 dB. The size of the intelligibility gains measured as the difference between 
noisy and enhanced speech medians tended to be largest for IBM LC = 0 at SNRs between -11 
and -8 dB. Below SNR = -11 dB, mask density (defined as the number of ones in the mask) was <5%. 
For IBM with LC = 0, there was a linear relationship between mask density and intelligibility scores, 
such that a decrease in density was associated with a decrease in intelligibility. For the IRM, the size 
of the gains tended to be constant with SNRs between -29 and -11 dB and then gradually decreased 
as the SNR increased. The results show that the IRM gave consistently high numbers of words 
correctly identified compared to the IBM. For example, performance at SNR ≤ -20 dB improved from 
0% to 5% with IBM LC = 0 to close to 100% correct when the IRM was applied. Unlike the IBM with 
LC = 0, the performance of the IRM did not depend on SNR. 

For IBM with LC = 0, a mixed-effects logistic regression model was fit to the intelligibility scores 
expressed as successes and failures out of trials and with listener, talker and word list as random 
effects and SNR and filter condition as fixed effects. The non-HPF condition was the filter reference 
condition. The model was chosen based on nested model comparisons using likelihood ratio tests with 
a Chi-squared test statistic. The results are shown in Table 1. There was an effect of SNR such that 
for every 1 dB increase in SNR, there was a 0.29 increase in the log odds (O = 1.33) of identifying a 
word correctly. There was a (main) effect of filter on intelligibility scores such that the HPF was 
beneficial to intelligibility when the SNR was 0 dB; there was an estimated 0.43 increase in the log 
odds of identifying a word correctly (O = 1.54). However, as the focus in this paper is on SNR ≤ -5 dB, 
it is the interaction of filter and SNR that is of interest: at the highest SNRs the HPF tended to improve 
intelligibility, while it was detrimental at lower SNRs. The intelligibility benefits of the HPF filter 
condition were evident at SNRs between -11 and -5 dB for male talkers and -8 and -5 dB for female 
talkers.  

Table 1 – Mixed-effects logistic regression model for IBM LC = 0. 

 Estimate SE z p 

(Intercept) 1.87 0.2 9.48 < 0.0001 

SNR 0.29 0 61.1 < 0.0001 
Filter HPF 0.43 0.08 5.66 < 0.0001 

Filter HPF:SNR 0.05 0.01 6.54 < 0.0001 

3.2 Metric evaluation 
Ideally, any metric should make full use of its defined range, i.e., [0,1]. CSIIm values were found 

to extend down to zero for unintelligible speech signals, whereas STOI+ d and NCM did not extend 
down to zero for non-HPF speech but did for HPF speech, and STOI did not extend below 0.2 for 
either filter condition (see Figure 4). NI-STOI is unsuitable for prediction, as it has a range of only 
0.13 with a minimum of 0.78 for non-HPF speech and only assigns values > 0.75 for speech with 
intelligibility scores above zero. 

Conventional figures of merit - correlation coefficients (ρ, τ) and the standard deviation of the 
prediction error (σe) - are reported for IBM LC = 0 in Table 2. STOI+, but not STOI, performs as well 
as other metrics (ρ confidence intervals overlap). STOI grossly overestimates the intelligibility of 
HPF speech mixed with WGN at very low SNRs and processed using an IBM with LC = 0 (Figure 4). 
The overestimation is likely to be due to STOI correlating the clean speech signal with itself when 
mixture SNRs are low, the noisy speech is highly degraded, and the processed signal is sparse, which 
generates spurious intermediate d values equal to one.  

STOI is positively biased and unreliable in the HPF condition. STOI+, NCM, and NI-STOI have a 
relatively small bias and high reliability in both filter conditions, with a median close to zero and 
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relatively small interquartile ranges. CSIIm is slightly more positively biased than STOI+, NCM, and 
NI-STOI but is relatively reliable.  

 
Figure 3 – Boxplots of speech intelligibility scores for IBM with LC = 0 (upper plots) and IRM (lower 

plots). At each SNR, male talkers are shown to the left, and female talkers to the right. 
 

 
Figure 4 – Scatterplots of STOI and STOI+ by intelligibility scores with fitted lines deriving from the 

rotationally symmetric logistic function. 
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Table 2 – Metric performance for IBM LC = 0. 

   Non-HPF   HPF  

Talkers Metric ρ τ  ρ τ  

Male 

STOI 0.85 0.75 11.98 0.60 0.46 20.01 

STOI+ 0.86 0.76 11.73 0.93 0.75 9.36 

NI-STOI 0.89 0.75 10.66 0.92 0.74 9.85 

NCM 0.90 0.76 10.26 0.92 0.75 9.64 

CSIIm 0.90 0.77 10.27 0.92 0.76 9.72 

Female 

STOI 0.87 0.72 10.41 0.36 0.24 21.83 

STOI+ 0.86 0.72 10.44 0.95 0.75 7.35 

NI-STOI 0.90 0.74 9.11 0.97 0.78 5.98 

NCM 0.91 0.73 8.73 0.96 0.77 6.52 

CSIIm 0.89 0.71 9.58 0.90 0.74 10.05 

4. DISCUSSION 
While the use of the IRM algorithm resulted in scores close to 100% for  all SNRs between -29 

and -5 dB, IBM LC = 0 resulted in limited intelligibility gains for SNRs at and below -17 dB. The 
results presented here are consistent with the claim that soft masks and continuous gain functions 
result in speech with higher intelligibility – and higher quality – than binary masks (2).  

Regarding the use of a high-pass filter, at lower SNRs, lower intelligibility scores for the HPF 
condition than the non-HPF condition reflect the fact that at these SNRs, when processed by IBMs 
with LC = 0, HPF signals consist of isolated short bursts of high frequency energy, musical noise, and 
less energy than non-HPF signals. At higher SNRs, any intelligibility gains in the HPF relative to the 
non-HPF condition are likely to be due to the preservation of high, as well as low to mid, frequency 
energy in the enhanced signal.  

The performance of STOI in predicting speech intelligibility at low mixture SNRs was evaluated 
and compared with that of proposed variant STOI+, NI-STOI, NCM and CSIIm. STOI+ outperformed 
STOI for the HPF condition using IBM with LC = 0 and performed similarly to more complex metrics, 
NCM and CSIIm. NI-STOI also performed well on conventional figures of merit but was found to be 
unsuitable for use in intelligibility prediction. The results extend the assessment of STOI to British 
English as Taal et al. (4) assessed STOI with IBMs using only 15 listeners and speech material from 
a single female Danish talker and previous studies typically consider one to three, and at most five, 
SNRs per noise type. In contrast, this study used recordings of 12 British English talkers with nine 
SNRs ranging from -29 to -5 dB, with 24 listeners. However, as only WGN is considered, caution 
should be taken in extending the findings to fluctuating and/or narrowband noise sources.  

5. CONCLUSIONS 
Two masking algorithms have been evaluated using listening tests with normal-hearing listeners. 

It was shown that the commonly used IBM with LC = 0 dB performs relatively poorly for WGN and 
SNRs at and below -17 dB. The results for the IRM demonstrated significant improvements in 
intelligibility over IBM with LC = 0 even at extremely low SNR levels, i.e., -29 dB. It was 
demonstrated that emphasising the higher frequencies of speech by means of a high-pass filter prior 
to mixing with WGN can make the speech more audible, hence intelligible, at these frequencies  when 
SNR ≥ -8 dB. However, when the mask density is very low, the IBM-processed signal is sparse, and 
intelligibility scores are low regardless of whether the filter has been applied.  

When signals were high-pass filtered before mixing with WGN at low mixture SNRs and processed 
with IBM LC = 0, STOI grossly overestimated intelligibility while STOI+ performed relatively well 
under all conditions. However, caution should be taken when choosing intelligibility metrics to ensure 
that the metric has been validated for a specific, or at least similar, condition. 
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Reverberation-induced speech improves intelligibility in 
reverberation: Effects of taker gender and speaking rate 

Nao Hodoshima1 
1 Tokai University, Japan 

ABSTRACT 

Humans adjust their speech when speaking in noise to enhance their intelligibility (known as the Lombard 
effect). Speech spoken through noise (noise-induced speech) is generally more intelligible than that spoken 
in quiet when heard in noise. The author has reported that “reverberation-induced speech” also improves 
speech intelligibility in reverberation, although the masking of noise and reverberation differed. The present 
study investigates whether reverberation-induced speech intelligibility depends on the gender and speaking 
rate of talkers. Four talkers (two males and two females) spoke under quiet (Q) and reverberation (R) 
conditions. In R, the reverberant speech was fed back to the talkers via headphones. Then speaking rate was 
adjusted to 1.2 (fast), 1.0 (original), and 0.8 (slow). 18 participants performed word identification tests in 
reverberation (reverberation time of 3.6 s). The results showed that speech was significantly more intelligible 
under R than Q, male talkers were significantly more intelligible than females, and slow speech was 
significantly more intelligible than fast speech. And the improvement in speech intelligibility under R 
compared with Q was not significantly affected by the speaking rate. These results suggest that reverberation-
induced speech regardless of the speaking rate might increase intelligibility of announcements in public 
spaces such as airports. 
 
Keywords: Reverberation, Speech production, Lombard effect, Speech intelligibility, Speaking rate 

1. INTRODUCTION 
Noise and reverberation generally degrade speech intelligibility compared with quiet environments. 

In addition, speech intelligibility in noisy or reverberant environments is generally lower for older 
adults and people with hearing impairments when compared with young adults without hearing loss 
[1]. The population of older adults is rapidly increasing. For example, as of 2018, people older than 
65 years comprised 27.7% of the total population in Japan [2]. Therefore, care must be taken when 
broadcasting announcements in public spaces (e.g., train stations and airports), especially in 
emergency situations. 

During speech communication, humans have a natural tendency to modify their speech in order to 
make it more robust against noise. This is widely known as the Lombard effect [3]. When compared 
with speech spoken in quiet environments, intensity, duration, fundamental frequency, and first 
formant frequency are increased in speech spoken in noisy environments [4, 5]. In addition, speech 
spoken in noisy environments has higher word intelligibility than that spoken in quiet environments, 
as judged by young adults in noisy environments [3–5]. 

In reverberant environments, similar results have been observed, although with noise and 
reverberation masking patterns that are temporally and spectrally different (noise masks speech 
simultaneously, while overlap-masking occurs in reverberation [6]). When compared with speech 
spoken in quiet environments, the intensity, fundamental frequency, and first formant frequency have 
been found to be increased in speech spoken in reverberation [7]. When participants listen to speech 
spoken in reverberant environments, it has been reported to be more intelligible for young and older 
adults compared with speech spoken in a quiet environment [8, 9]. 

Speaking slowly generally increases speech intelligibility, especially for older adults, because 
cognitive aging might result from a general slowing of processing speed [10]. Time-compressed 
speech (with a time compression rate of 40%) results in lower intelligibility for older than for younger 
adults in noisy or reverberant environments [11]. Significant interaction has been observed between 
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speech expansion and pause expansion, and higher speech intelligibility has been obtained with a 
short time expansion (100 ms) compared with non-expanded speech when the pause between phrases 
was 300 and 400 ms for both young and older adults in a noisy environment [12]. Slowing the speaking 
rate (with an expansion rate of 120%) has been shown to improve speech intelligibility in a reverberant 
environment [13]. However, to our knowledge, no studies have investigated whether the speaking rate 
affects the intelligibility of speech spoken in a reverberant environment. 

Speech intelligibility differs by gender depending on several different experimental conditions. In 
a previous study, female talkers (5 talkers) had higher correct word rate than male talkers (5 talkers) 
in a noisy environment, regardless of listener gender [14]. In addition, vowel intelligibility in a noisy 
environment varied widely among 41 talkers for normal and clear speech (clearly articulated speech), 
and female talkers showed a larger clear speech vowel intelligibility benefit than male talkers [15]. A 
male talker enunciating in either a normal or an urgent style resulted in a higher correct and faster 
identification rate in a noisy environment than a female talker [16]. Therefore, talker gender may 
affect the intelligibility of speech spoken in a reverberant environment. 

The aim of the present study was to investigate whether the speech intelligibility of speech spoken 
in reverberation depends on the talker and speaking rate, with the goal of making spoken 
announcements in public spaces more intelligible. We would like to accomplish this by modifying the 
input of broadcasting announcements from loudspeakers (e.g., broadcasting speech spoken in noise 
or reverberation), such that architectural acoustical and/or electroacoustical treatments are not 
required in public spaces. 

2. EXPERIMENT 

2.1 Participants 

The participants were 18 native speakers of Japanese aged 21–24 years with self-reported normal 
hearing. 

2.2 Stimuli 

Four native speakers of Japanese (two males [M1, M2] and two females [F1, F2], aged 21–22 
years) who self-reported no hearing or voice disorders served as talkers. 

The speech materials consisted of 50 target words embedded in a carrier sentence. The target words 
were four morae (a phonological syllable-like unit in Japanese) that were selected from a database of 
familiarity-controlled Japanese word lists (FW03) [17]. Word familiarity in this study was chosen 
between 2.5 and 4.0 on a 7-point scale (1 for the least familiar and 7 for the most familiar). 

The speech materials were recorded on a computer through a microphone (SHURE KSM141; 
condenser, cardioid) and a digital audio interface (TASCAM US-144MKII) in a sound-treated room 
(see Figure 1) at a sampling frequency of 44,100 Hz. Two speaking conditions were used in the 
recording: quiet and reverberation. Under the reverberation condition, talker utterances were 
convolved by an impulse response recorded in a church, and reverberant sounds were fed to the talkers 
through headphones (SENNHEISER HDA200; dynamic, closed circumaural type). The playback level 
was set to –10 dB relative to the speaking level at the talker’s ears. The reverberation time was 3.6 s 
for octave bands from 125 to 4000 Hz. The recording was controlled by Adobe Audition 3.0 (the delay 
time caused by the software was less than a few ms). The talkers were asked to imagine that their 
speech was being broadcast into a public space with the same room acoustics they were experiencing 
through the headphones, and instructed to speak as clearly as possible. 

After the recording was finished, one carrier sentence was chosen, and the target words with fixed 
preceding and following pauses were embedded in the carrier sentence for each speaking condition 
and each talker. This was done to control the effect of overlap-masking on the target words. Next, the 
intensity ratio of the carrier sentence relative to the target word was normalized across each speaking 
condition and speaker. 

Then, the speaking rate was changed to slow (70% of the original speaking rate) and fast (120% 
of the original speaking rate) using the Praat software, which applies a pitch-synchronous-overlap-
add (PSOLA) method for time-scale modification. The PSOLA method can modify the speaking rate 
without changing the fundamental or formant frequencies of the original speech [18]. 

Finally, the concatenated speech sounds were convolved with the impulse response, which was the 
same as that used in the recording. The overall intensity of the stimuli was normalized across speaking 
conditions and talkers. The total number of stimuli was 1200 (two speaking conditions  three 
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speaking rates  four talkers  50 sentences). Table 1 shows the experimental conditions used in the 
listening test. 

2.3 Procedures 

The listening test was carried out in a sound-treated room. Stimuli were presented to each 
participant diotically over headphones (SENNHEISER HDA 200) through a digital audio interface 
(TASCAM US-144MKII) connected to a computer. Two practice trials were held to familiarize the 
participants with the experimental procedure. 

The playback level was adjusted to each participant’s comfort level. In each trial, a stimulus was 
presented once, and the participants were instructed to write down what they heard as a target word 
on their answer sheets. For each participant, 48 stimuli (two speaking conditions  three speaking 
rates  two talkers  four sentences) were presented randomly. The target word and listening condition 
combinations were counter-balanced across the participants. 

 

 

Figure 1 – Recording setup 

Table 1 – Experimental conditions 

Speaking rate 
Speaking condition 

Quiet Reverberation 

Original Q R 

Fast QF RF 

Slow QS RS 

 

3. RESULTS AND DISCUSSION 
Figure 2 shows the mean percent correct mora rates of the target words for each condition and 

talker. Statistical analyses were carried out using IBM SPSS Statistics. A mixed analysis of variance 
was carried out with the speaking condition (Q and R) and speaking rate (original, fast and slow) as 
repeated variables, the talkers as the between-subjects variable, and the correct mora rate as the 
dependent variable. 

The main effect of the speaking condition was significant (p < 0.01). This result indicates that 
reverberation-induced speech was more intelligible than speech spoken in a quiet environment when 
the listeners listened in a reverberant environment, which is consistent with the results of previous 
studies [8, 9]. 

As expected, the main effect of the speaking rate was significant (p < 0.01), and a post hoc test 
revealed that the normal speaking rate had higher speech intelligibility than the fast speaking rate (p 
= 0.003), the slow speaking rate had higher speech intelligibility than the normal speaking rate (p = 
0.016), and the slow speaking rate had higher speech intelligibility than the fast speaking rate (p < 
0.01). These results are consistent with those of a previous study [13] (both of these studies carried 
out listening tests in a reverberant environment). 

The talker effect was significant (p < 0.01), and a post hoc test revealed that F1 had a significantly 
lower correct rate than the other talkers (p < 0.01). These results suggested that the reverberant-
induced speech was clearly dependent on the talkers. This talker-dependent intelligibility is consistent 
with normal speech [14], clear speech [15], and urgent speech [16], whereas the listening environment 

6192



 

 

was different (all previous studies [14–16] were conducted in a noisy environment, whereas the 
present study was carried out in a reverberant environment). When merging the results of the four 
talkers into gender, male talkers were more intelligible than female talkers (p < 0.01). However, the 
correct rates for the quiet condition for F1 appeared to be considerably lower than the other conditions 
and talkers. Therefore, it remains unclear whether the speech intelligibility of reverberation-induced 
speech depends on gender; future research should investigate this question further. 

The interaction between the speaking condition and the speaking rate was not significant (p = 
0.066). This result suggests that reverberation-induced speech increased speech intelligibility in a 
reverberant environment, regardless of the speaking rate. 
 

 
Figure 2 – Mean correct mora rate and standard error of target words for each condition and talker 

 

4. CONCLUSIONS 
The present study carried out a listening test to investigate whether the intelligibility of 

reverberation-induced speech differed in terms of the speaking rate and talkers. The results of listening 
tests in a reverberant environment obtained from 18 participants showed that reverberant-induced 
speech was significantly more intelligible than that spoken in a quiet environment. The results also 
showed that slow speech was significantly more intelligible than normal and fast speech. These results 
were consistent with those from previous studies. The results also showed that male talkers were 
significantly more intelligible than female talkers; however, the results also suggest that speech 
intelligibility is more talker-dependent. The improvement in speech intelligibility under the 
reverberation-induced speech condition compared with the quiet condition was not significantly 
affected by the speaking rate. 

Since this was a preliminary study to determine the effects of reverberant-induced speech in 
different speaking rates and talkers, further research is needed with more talkers and a wider range of 
reverberant conditions. In addition, acoustical analyses of reverberant-induced speech should be 
carried out. 

The results of the present study revealed that reverberation-induced speech might increase the 
intelligibility of announcements in public spaces such as airports, regardless of the speaking rate. 
Further research is needed to determine the appropriate combinations of the speaking rate and talker 
characteristics to improve further the intelligibility of emergency public-address announcements. 
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ABSTRACT 
This research is intended to study Madura language which may be the only local language in Indonesia 
classified into a tonal language. However, the Madurese is not only under- documented in term of phonetics 
but under-resourced as well. The first step was developing the Madura language voice database. The initial 
results are limited to the fundamental frequency contour of native male and female utterances. We used a 
well-known technique called Mel Frequency Cepstral Coefficient (MFCC) to obtain acoustic cues, and the 
cues were further processed by observing the delta, ∆ Cepstrum for velocity change in an utterance and the 
delta-delta ∆2, to indicate the acceleration or deceleration of the acoustical cues change over time, 
respectively. We used instantaneous frequency tracking in STRAIGHT. We obtained results were compared 
to the well-established TIMIT database in English and Indonesian Speech Database. From the initial results, 
the ∆ and ∆2 indicated that the Madurese showed a rapid change in both time- and frequency- domain cues. 
Although the findings may be far from conclusive because the Madura island has four different regions that 
have its own accent that slightly different from each other. Currently, the on-going research aim is towards a 
high-quality Madurese speech synthesis. 
 

Keywords: Madurese, Fundamental Frequency, STRAIGHT 

1. INTRODUCTION 
In all parts of the world, members of ethnolinguistic minorities are increasingly abandoning their 

native language in favour of another language, including in childrearing and formal education. Among 
ethnolinguistic communities, a variety of opinions on the future prospects of their languages can be 
observed. Some speakers of endangered languages come to consider their own language backward and 
impractical. Such negative views are often directly related to the socioeconomic pressure of a 
dominant speech community. Other speakers of endangered languages, however, attempt to directly 
counter these threats to their language, and commit themselves to language stabilization and 
revitalization activities. So according to the UNESCO 2003 this is being an international problem. 

Indonesia is one of the countries that has a very high cultural diversity, differences in regional 
languages such as the Madura language are already thinning. One of the factors causing the extinction 
is due to the process of globalization and urbanization which can lead to the assimilation and 
acculturation of culture, especially in urban areas. So it needs a solution to maintain Madura Language, 
Many Madurese people are lacking in the level of concern for the diversity of Madura languages, 
public awareness that Madura language has its own unique level like Madura phonemes with 
pronunciation of exhaled words such as: bh, dh, gh, and jh [1]. Madurese is one of the local languages 
of Indonesia that’s have been classified as under-documented language in term of phonetics and under 
resourced as well. As the age of Madura language continued to grow, the native speakers of the 
language were diminishing. If this continues, then not only Madura language, but even other regional 
languages that are the original wealth of the country will disappear because it becomes a dead language. 
In order to save so that the variety of regional languages did not become extinct. This research is 
intended to study Madura language 
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2. Madura Language Characterization 

2.1 Vocals 
According to KBBI, vocal sound is the sound of language produced by the flow of air from the 

lungs through the vocal cords and constriction of the sound channel above the glottis. Madura 
language has a special character in order to be easily read by Madurese or not Madurese [2]. 

Tabel 1 – vocals phonems 
vowel Example of use in the madura language 

at the beginning in the middle at the end 

a alos ‘smooth’ pasar ‘market’ Sala ‘false’ 

â âpoy ‘fire’ abâs ‘see’ Bâbâ ‘under’ 

e eppa ‘father’ neser ‘pity’ - 

è èntar ‘go’ sèsèk ‘slice’ Talè ‘rope’ 

i iyâ ‘yes’ raddhin ‘beautiful’ Mandhi ‘efficacious’ 

o olok ‘call’ dokar ‘gig’ Pao ‘mango’ 

u - dhuri ‘thorns’ Paku ‘nail’ 

2.2 Consonant 
According to the articulation, consonants in Madura language can be categorized based on four 

factors, namely: (1) the state of the vocal cords (2) the area of articulation (3) the way of articulation 
and (4) the presence or absence of aspirations. Based on the state of the vocal cords, consonants are 
divided into voiceless and voiceless consonants. Based on the area of articulation, consonants are 
distinguished by bilabial, labiodental, alveolar, palatal, velar and glottal consonants. Based on the 
method of articulation, the consonants are distinguished from inhibitory, fricative, nasal, vibrating, 
and lateral consonants. Based on the presence or absence of consonant aspirations distinguished from 
conspiracy aspirations and not aspirations. Furthermore, there are more semi-vocal forms, namely the 
sound of language which practically includes consonants, but seen from the articulation it has not 
formed a pure consonant (3). Madurese has 20 consonants, namely: b, c, d, f, g, h, j, k, l, m, n, p, r, s, t, 
v, w, x, y, z. 

2.3 Combined Phonems 
In the Madurese, the alphabets which represent phonemes are shown in the Table 2 as follows: 

Table 2 – Combined Phonemes 
vowel Example of use in the Madurese 

at the beginning in the middle at the end 

kh khusus ‘special’ akher ‘final’ tarekh ‘provisions of 

time’ 

ng ngelloh ‘complain’ bunguh ‘purple’ - 

ny nyatah ‘real’ tanyo’ ‘washed away’ - 

sy syarat ‘term’ isyarat ‘sign’ - 

bh bhârâ ‘lungs’ cabbhi ‘chili’ - 

dh dhara ‘dove’ pendheng - 

gh ghibeh ‘bring’ bighi ‘seed’ - 

jh jhârâ ‘horse’ bâjhâ ‘steel’ - 
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2.4 Madurese Diphthongs 
Diphthong is a sound formed by the combination of two vowels in a single syllable, in which the 

sound begins as one vowel and moves toward another. The Madurese has 4 diphthongs as follows: 
Tabel 3 – Madurese Diphthong 

ay tapay ‘tapay’ oy tamoy ‘guest’ 

ây ghebây ‘make’ uy kerbhuy ‘buffalo’ 
 

2.5 Fundamental Frequency 
The sound formation process starts from the vibrating vocal cords (vocal cord and vocal fold) in the 

larynx due to the flow of air passing. The air flow is cut by the movement of the vocal cords into a 
pulse signal that is quasi-periodic, resulting in a vibrating frequency called the fundamental frequency 
(fundamental). This typical frequency is influenced by the physiological conditions of the human 
larynx. Under normal conditions of conversation, habitual pitch levels range from 50Hz to 250Hz for 
men and 120Hz to 500Hz for women [4]. This frequency changes constantly and gives someone 
linguistic information such as the difference between intonation and emotion [5]. 

The fundamental frequency has an excitation parameter which is sound state information that aims 
to distinguish between sound regions (produce acoustic parameters) or not sound (pause). Acoustic 
sound parameters are obtained from spectral parameters which are information on physical quantities 
of sound that refer to mel-cepstrum from database sounds such as MFCC, delta cepstrum, delta-delta 
cepstrum and duration [6]. 

2.6 STRAIGHT 
STRAIGHT (Speech Transformation and Representation using Adaptive Interpolation of Weighted 

Spectrum), This method is one method of analysis of extraction of F0 values automatically [7]. This 
method manipulates adaptive spectral sound signals that are refined and extraction of F0 based on 
fixed-point instantaneous-frequency. Fixed-points are based on the time-warping STFT method 
(short-term Fourier Transform-based) that deals with harmonic components to estimate minimum 
errors. In this method there are 2 stages, namely: 
1. Band pass filter is performed which is proportional to the log frequency axis used. This stage is 

used to extract the fix point mapping from the middle frequency filter as the output filter. 
2. The development process, as an estimate on the axis of F0 and derivative F0. In this stage extraction 

is done using F0 using the STFT method. 
The algorithm in extraction F0 uses the instant frequency of non-stationary time i.e., Hilbert 

Transform H [x(t0)], for the filter design ωs (t, λ) designed from Gabor function ω (t, λ). Where both of 
these functions are carried out by convolution with the order of the base function B-spline 2 (t, λ). The 
F0 estimate is chosen from the fixed-point in the form of the maximum carrier to noise ratio (C / N 
ratio) (20dB or higher as the basic component). With mathematical models as follows: 

𝜔"(𝑡, 𝜆) = 	𝜔(𝑡, 𝜆) ∗ 	ɧ(𝑡, 𝜆) (1) 

𝜔(𝑡, 𝜆) = 	 𝑒
-.

/0/
123/𝑒4.0 (2) 

ɧ(𝑡, 𝜆) = 𝑚𝑎𝑥 80,1 − <
𝜆𝑡
2𝜋𝜂<@ (3) 

where * is a symbol of convolution, η is a time elongation factor, F0 is Basic Frequency 
The basic concept of STRAIGHT is F0 Extraction, aperiodicity, refined spectral envelope 

extraction. Aperiodicity expresses a measure of harmonious information comparisons of 
non-harmonic information in the frequency domain and can be expressed as the relative distribution of 
energy from non-harmonious components. This STRAIGHT method has high flexibility in 
manipulating speech signals regardless of the color tone, while maintaining high quality. In addition, 
this method for investigating quasi-periodic (8). 

2.7 Cepstrum Distance 
Cepstrum distance is a measurement of Euclidian distance from the log-spectral coefficient 
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between two frames. Cepstral coefficients can also be obtained from the results of linear prediction 
coefficients (LPC ) [9]. The smaller value of the distance indicates that the two sounds are similar. The 
cepstrum distance equation is as follows: 

𝑑BC(𝑄) = E(𝑐G − 𝑐GH )C
I

GJK

 (4) 

where d (Q) is distance, 𝑐G is the first spectral signal value and 𝑐GH  is the second signal spectral 
value. 

2.8 Experiment 
The pre-preparation section, Data collection begins with the search for utterance, who has great 

qualifications and lives in Madurese from birth to the minimum of high school graduation. The 
utterance in the research amounted to 1 male (IIW) and 1 female (RJR). Then the data retrieval process 
is done by recording the voice of utterance. 
2.8.1 Mechanism of Data Collection 

Record voice of Madurese speakers using DBXRTA-M (dBx RTA Measurement Microphone) and 
USB Audio Interface in Focusrite. The microphone is placed 10-15 cm from the mouth of the speaker, 
so that there is no clipping signal. Clipping signal is a condition where the captured sound signal 
overlaps the amplitude in the area of sound signal analysis, this condition occurs when the recording 
device is too close to the sound source and the sound source has high energy so that if this data occurs 
the record cannot be used because it will occur losing some important information when analyzing 
sound signals. Recording is conditioned in the sampling frequency of 44100Hz and 24 bits rate. The 
things that must be considered when the preconditions of the recordings are obtained, namely: 
background noise and reverberation that are not large, there is no data clipping, cutting per voice 
segment, downsampling was carried out on the crying sound signal to 8000Hz. 
2.8.2 Extraction Process 

After recording, the recorded data will be continued with the process of segmentation and labeling 
using audacity software. The results of segmentation and labeling will be the material to be processed 
to obtain results in the form of basic frequencies and sound acoustic parameters (mel-cepstrum from 
database sounds such as delta cepstrum, delta-delta cepstrum). 

Fundamental frequency extraction is done by the STRAIGHT method. The process of processing 
this method aims to obtain the results of estimating the fundamental frequency for a Madurese signal 
that has different characteristics from the comparative language (Indonesian and English). The 
estimation of the cepstral and double delta cepstral values is obtained from the cepstrum estimation 
value of the MFCC method. The order value used is the value taken from the order standard for sound 
synthesis. 
2.8.3 F0 Data Analysis Fundamental Frequency 

The results of F0 extraction in the form of a spectrogram which is a reference in the F0 estimation 
in Madurese speech sound signals are shown in Figure 2. 

 
Figure 2 - Histogram Plot of Male Utterance (RJR) “ Bhâghus” 
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Besides that, the results of F0 extraction in the form of a pinch which is a reference in F0 estimation 

in some samples of words and phonemes of both male and female sound signals are shown in Fig. 3. 
 

 
(a) 

 
(b) 

Figure 3 - F0 plot sample of word “ Bhâghus” (a) female (RJR) and (b) male (IIW) 

 

2.8.4 Cepstrum Distance Analysis 
Cepstrum Distance Results from the comparison 2 utterances between Madurese speakers and 

comparative language (Indonesian and English) are produced as follows: 
 

 
Figure 4. Cepstrum Distance Madura language of Female and Male Utterance 

 
Cepstrum distance is the result of the comparison of two utterance above, showing the Cepstrum 

distance <1 that the two fundamental frequencies (F0) of the two speakers have similarities. 
 

Tabel 3 - Cepstrum Distance Madura language of Female and Male Utterance 
No. Female Utterance  Male Utterance  CEPS 

1. tanəm tanəm 0.262026 

2. dhəbu dhəbu 0.000281 

3. Dhəmar Dhəmar 0.121080 

4. ghəmpang ghəmpang 0.001179 

5. settɔȵ settɔȵ 0.336879 
 
The results of the comparison of the two records in the above word sample show a Cepstrum 
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distance <0.3, which indicates that the two fundamental frequencies (F0) of the two speakers have 
similarities. 
The following are the results of a comparison of the basic frequency and results of the distance 
between Madurese, Indonesian and English by female and male speakers, which is shown in the Fig. 4 
below.  

 
(a) 

 
(b) 

Figure 4 - Estimated results with cepstrum distance on comparative (a) Madurese - Indonesia, (b) 
Madurese – English 

 
2.8.5 Prosody Parameter Data Analysis 

 

(a) 

 

(b) 
Figure 5 - Estimated results with (a) delta cepstrum and (b) delta-delta cepstrum of maduranese 

utterance "bhəghus" (blue), Indonesian utterance “berusahalah" (red) and English Utterance"the 
straw" by KI (green) 

3. Discussion 
Fundamental frequency analysis has been done to get the characteristics of Madura Language 

utterance which its sound signal, such as the average fundamental frequency of adult human voice 
based on gender, such as for male (50Hz - 200Hz) lower than the female fundamental frequency 
(150Hz - 400Hz). Based on the fundamental frequency estimation results shown in Figure 3 shows that 
the Madura language narrative has the same pinch pattern, the results shown also obtained large 
fundamental frequencies of Madura language speakers, namely the fundamental frequency of RJR 
(Female Utterance) and IIW (Male Utterance) are in the range of 150-300 Hz and 50-200 Hz according 
to the standard. which is on the basis of the theory where the fundamental frequency of women is 
higher than that of men. In Table 3 show that cepstrum distance Madurese of female (RJR) and male 
(IIW) between Madurese utterance < 0.3, which indicates that the two fundamental frequencies (F0) of 
the two speakers have similarity. Whereas when Madura language compared with other languages 
have the Cepstrum Distance > 1 which states that the fundamental frequency (F0) of the two speakers 
voices, both between Madurese and Indonesian or English, have no resemblance. This happened 
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between female and male speakers as seen in Figure 4.  
Analysis of prosody parameters for this language based on its dynamic features of a signal analysis. 

In this analysis, the MFCC (Mel Frequency Cepstral Coefficient) method is used to estimate the 
cepstral coefficient, the value of delta cepstrum (ΔF0) (peak difference from cepstrum) as information 
on the speed of change of sound and double delta value (Δ2F0) which is a derivative of  F0 as 
acceleration the sound signal frequency obtained from the acceleration of the displacement between 
cepstrum peaks. In Figure 5.a, the tone of ΔF0 value indicates the speed of change from cepstral value 
for each Language type. From the three languages that have been compared above, it can be concluded 
that the value of ΔF0 which indicates of the speed for the utterance of each language sorted from the 
fastest is English, Madura and Indonesia. In his narrative, it can also be distinguished subjectively that 
Madura language is faster than Indonesian but slower than English. Whereas the value of Δ2F0 is the 
result of estimating changes in frequency acceleration in each Language type shown in Figure 5.b as 
shown in the analysis of the value of ΔF0 that the change in frequency acceleration for each Language 
type above has a tendency to not change the acceleration between Languages. The value of Δ2F0 
indicates the speakers' intonation. The value of Δ2F0 from the Madurese should appearing his accent 
and have an acceleration that is different from the other languages. However, when sampling is done 
on every word that tends not to give accent from Madurese, it seems like speaking words in Madurese 
in a flat (without expressive) language. Therefore, the results of comparisons between the three 
languages above show that there is almost no change in intonation. 

4. CONCLUSION 
Based on the fundamental frequency estimation results show that the Madura Language narrative 

has the same pinch pattern, the magnitude of the fundamental frequency of RJR (female utterance) and 
IIW (male utterance) are in the range 150-300 Hz and 50-200 Hz, respectively. The Cepstrum Distance 
results show a Ceptrum distance between Madura languages < 0.3, which indicates that the F0 of the 
two Madurese utterance have similarities. Whereas when compared between Madura language and 
other languages have the results of Cepstrum Distance > 1 which states that the F0 of the two speakers' 
voices, both between Madurese and Indonesian or English, have no resemblance. Of the three 
languages that have been compared above, it can be concluded that the value of ΔF0 which indicates 
the speed in the narrative of each of the fastest languages in a row is English, Madura and Indonesia. 
The analysis of Δ2F0 value indicates that the value of the change in frequency acceleration for each 
type of language above has a tendency that there is no change in acceleration (almost no change in 
intonation) between the languages. 
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HMM-based speech synthesis system with expressive Indonesian 
speech corpus 
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ABSTRACT 
In this paper, we present a result of HMM-based speech synthesis system applied to Indonesian expressive 
speech scorpus. The purpose is to observe speech quality of synthesized speech, conversely. Firstly, we 
selected expressive Indonesian conversation from movie, novel, and drama transcript. We developed speech 
database based on phonetically balanced sentence set in which consist of 33 Indonesian phonemes and its 
IPA symbols and formed 655 sentences. Three expressive styles were applied, namely happiness, sadness, 
and anger. We hired four professional theater artist to utter the sentences. Segmentation and labeling was 
performed by manual to create transcription. Variation is given in kind of expressive style and training data 
amount. The expressive style-dependent decision trees achieve prosodic conversion. The objective and 
subjective evaluation process are also analyzed. In objective test is using MCD method earn the best score 
for happiness expressive style with score 4.2 in 82 training data. Then for sadness with score 5.13 in 81 
training data and 5.18 for anger in 80 training data. Subjective test with Mean Opinion Score obtain 
naturalness for happiness, anger, and sadness with score 3.51, 3.38, and 3,0, respectively. The result shown 
that quality of the synthetic speech is high in term of naturalness. 
 
Keywords: Expressive Indonesian speech scorpus, HMM, Speech synthesis 

1. INTRODUCTION 
Technology is developed to create tools which can help and provide convenience for people to do 

their daily activities. Along with the development of technology, people always want to improve the 
quality and practicality of tools. Therefore, we formed machines which can interact with humans. This 
technology is called human machine technology (1). Human machine technology aims to create a 
machine that has the ability to describe information which is spoken by humans, act in accordance 
with the information, and speak to complete information exchange. In other words, creating a machine 
with artificial intelligence that can interact with humans through voice. Research about this case is 
still done to get maximum results. 

In Indonesia already developed speech recognition by using neural networks principle. Neural 
networks principle is based on the processing of an input by following a model, such as Hidden 
Markove Model (HMM). Input is processed to produce expected output. Furthermore, the training 
process is needed to identify input data quickly. On development of voice processing techniques, 
especially speech recognition and speech synthesis have an opportunity to establish natural interaction 
between machine and human. 

In the beginning, input which can be accepted by computer only text input, for example on the 
internet or telephone. However, machine still can not recognize input of voice. Therefore, it is 
necessary to develop speech processing technology for input of voice. Until now, Indonesian speech 
database is still in three types, they are digit isolated, link, and very simple conversation words. 
Therefore, it is still necessary research and development of Indonesian speech database (2). 

This paper describes the procedure of making Indonesian speech database through the recording 
process for purposes of training and testing of computational algorithms from the program that was 
created based on Hidden Markove Model (HMM). Sentences that are used to develop Indonesian 
speech database made based on the principle of phonetically balanced. Phonetically balanced will be 
achieved if database have the complete Indonesian phonemes. The Indonesian phoneme set consists 
of 33 phonemes (3). Furthermore, in this paper, we derive a new development of Indonesian natural 
speech synthesis database based on Hidden Markove Model (HMM). 
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2. HMM-BASED SPEECH SYNTHESIS SYSTEM APPLIED TO INDONESIAN 

2.1 Development Expressive Indonesian Speech Corpus 
Indonesian is the official language of Indonesia. Although Indonesian is used by about 263-million 

people in the world, it is classified as an under-resourced language. Indonesian consists of several 
components that are systematically arranged according to a certain pattern and form one unity. 
Indonesian linguistics study consists of several level, namely the level of phonology, morphology, 
sintax, and lexicon.  

Speech corpus is a collection of voice database in the form of audio files and text transcription. 
The database for this research used Indonesian database. Speech corpus which is used in speech 
synthesis is the result of voice recording at soundproof room by using Indonesian sentences based on 
phonetically balanced. Expressive Indonesian speech corpus that are used in has amount to 1-11 words 
per sentence. Three expressive styles were applied, namely happiness, sadness, and anger. There are 
two kinds of sound, that are male voiced and female voiced as much as 655 sentences which has met 
33 types of phonemes. 33 types of Indonesian phonemes which is used in database development is 
according to Indonesian phonemes and related english phonemes using International Phonetic 
Alphabet (IPA) (11).  

 

2.2 Recording Process 
Recording process is conducted in the recording studio at Surabaya, Indonesia. Studio has 

recording room (anechoic chamber) which separated from the operator room. In order to make good 
speech database for long term project, we hire four professional theater artist from Arts Council of 
Surabaya and Bandung as the speaker. Two males and two females who were recorded their voice are 
recorded on different times with same sentence. 

The recording process was using microphone condenser (Neuman U87 and Studio Project B1) 
which be equipped by pop filter to make recording speech having clearer. Speaker asked to sit in front 
of the microphone with the distance of 2-3 cm. Microphone device is connected to Presonus Studio 
One and Pro Tools as software editing. This recording process use set up as Figure 1. Figure 2 is 
shown the recording process.  

 
 

Figure 1 – Recording setup for male and female speaker 
 
Expressive Indonesian speech corpus was recorded by total four speakers with two male speakers 

(MDPA and MBAZ) and two female speakers (FYAT and FCIM). FYAT and MDPA were recorded 
firstly in recording studio (Surabaya, Indonesia). FCIM and MBAZ were recorded in anechoic 
chamber of Institut Teknologi Bandung, Indonesia. Total duration of recording expressive indonesian 
speech corpus is 2 hours 53 minute 59 second with male voice for around 1 hours 24 minute 24 second 
and female voice for around 1 hours 29 minute 35 second. Recording process was under configuration 
with sampling frequency of 44,1 kHZ, channel input/output mono, 16 bits/sample, and using format 
“.wav”. 
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2.3 Segmentation and Labeling 
Segmentation and labeling are conducted on each recorded sentence. Segmentation and labeling 

were performed to create transcription of each individual phoneme. There are several methods to do 
segmentation and labeling such as manual labeling using wavesurfer and also auto labeling using 
festival, festvox, SphinxTrain, and the other tools. The segmentation and labeling process that used 
in this research use auto labeling by festival tool and festvox that developed through open source by 
Alan W. Black. 

 
 

Figure 2 – Wavesurfur for segmentation and labeling process 
 

The process of segmentation and labeling is done by using wavesurfur software. It is conducted by 
listening the voice and marking the location of each phoneme on the voice. Figure 2 is shown 
wavesurfur software for segmentation and labeling process. From 655 sentences which is recorded, 
82 happiness expressive style, 81 sadness, and 80 anger of male and female voice is taken for samples 
minimum training. Segmentation and labeling results from 243 sentences is processed statistically and 
modeling to predict the level of compression sound energy for everyone. This model will be used to 
estimate level of impairment and in what frequency bands can decrease the level of compression 
energy. However, hand-labeling was taken so much efforts since the speech database is usually in 
large number. Otherwise, automatic-labelling will faster but less accuracy. 

 
2.4 Extraction of Parameter F0, Mel-Cepstrum, Delta Cepstrum, and Delta-Delta Cepstrum 

At HTS, vector output in HMM consists of two parts, namely spectrum and excitation. Part of the 
spectrum consists of mel-cepstral coefficients including coefficients to zero, delta and delta-delta 
coefficients. Furthermore, the excitation part consists of log fundamental frequency (log F0), delta 
and delta-delta. Regard to recordings result, it can be determined value of spectrum and excitation 
parameters.Here is the equation which is used to find dynamic features in HMM: 

∆	𝑐$ =
&'(
&(
≈ 0.5(𝑐$./ − 𝑐$1/)           (1) 

∆3	𝑐$ =
&4'(
&(
4 ≈ 𝑐$./ − 2𝑐$ + 𝑐$1/           (2) 

 
Figure 2 – Dynamic features (4)  

2.5 Speech Synthesis by Using HMM-based speech synthesis system (HTS) 
HMM-based speech synthesis system (HTS) is a speech parametric technique based on HMM. 

HMM-based speech synthesis system (HTS) was developed by HTS working group. The advantage 
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of HTS is able to model and synthesize the speaker’s voice, style, and different emotions using only 
voice data quite a bit. Training part in HTS has been used as modified version of HTK and released 
as patch code form for Hidden Markov Toolkit (HTK). Patch code is released under free software 
license. 
2.5.1 Training HMM-Based Speech Synthesis System (HTS) 

In the training part, spectrum and excitation parameters is taken from speech database and modeled 
by context dependent HMMs. In the synthesis part, context dependent HMMs is changed in 
accordance with the text to be synthesized. Then, spectrum and excitation parameters is generated 
from HMM using voice algorithm parameter [8]. Excitation generation module and filter synthesis 
module synthesize voice waves which is using excitation and spectrum parameters produced. 
Extraction of approach is performed on voice characteristic from speech synthesized so that it can be 
easily changed by changing HMM parameters. However, this process shows that we can change the 
voice characteristics of speech synthesized by applying speaker adaptation technique, speaker 
interpolation technique, and Eigen voice technique. 

 
2.5.2 Implementation of HTS on Festival Architecture for Expressive Indonesian Speech 

Corpus 
Implementation process will give several different results in training models. Variation in the kind 

of training sentences aimed to identify the pattern of the change in the acoustics models parameter. 
While variations in the training data amount intended to determine the lower limit of the amount of 
training data that is needed to keep produce the natural synthesized speech. 1529 Indonesian speech 
database is used in the training process, so better acoustic models will be produced. This is because 
the distribution of phonemes in speech database will affect the probability of acoustic models 
formation. Otherwise, with the more and more speech database is used, it will take much time and 
greater computational.  

Variations training of Indonesian speech database are given in the kind of sentences and in the 
training data amount. In the kind of sentences, variation is done with declarative sentences, question 
sentences, and the combination of declarative and question sentences. The variation applies to ten 
speakers. This arrangement can be seen in Table 1. 

Table 1 –Variation of training data amount 

Kind of training 

sentences 

Minimum training 

amount 

Maximum training 

amount 

Synthesis sentences 

amount 

Happiness 82 227 50 

Anger 80 213 50 

Sadness 81 215 50 
 

3. EXPERIMENT RESULT 

3.1 Statistic of Indonesian Speech Database 
To develop Indonesian speech synthesis system based Hidden Markov Model (HMM) need speech 

database. Speech database appropriate with phonetically balanced concept. From 655 expressive 
Indonesian sentences that have been made, carried out a statistical process to determine how many 
consonant phonemes, single vowel, and double vowel in order to know whether the sentence database 
already meets with 33 types of phonemes. Below is the distribution of phonemes in database system: 
Figure 3 shown the phoneme distribution of expressive Indonesian speech corpus. From the figure, 
the largest is phonemes "a" with 4.316 phoneme and the smallest is "sy" with 23 phonemes. 
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Figure 3 – Phonetically balanced of 655 sentences expressive Indonesian speech database 

3.2 Results and Discussion 
Recent developments in speech synthesis system is statistic of parametric speech synthesis system 

based on Hidden Markov Model (HMM). HMM-based speech synthesis system (HTS) was developed 
to overcome the problem of unit selection speech synthesis system that causes the process to be slow 
when performing synthesis for very large storage. HTS has ability to synthesize speech with high 
degree of naturalness that is comparable with speech synthesis unit selection system. This system was 
first proposed by Tokuda et al (11).  

By using HTS implementation on festival architecture, the training process data is using 243 
sentences from Indonesian speech synthesis database. Speech signal is sampled on frequency of 16 
kHz. These factors were taken from speeches using extraction feature function from Festival speech 
synthesis system. Running time required core engine consists of 8 modules, decision trees for 
spectrum, F0 and duration, spectral distribution, F0 and duration, a converter that converts the features 
which have been extracted by Festival into sequence of labels context dependent and synthesizer 
which is generating waves to be given sequence label.  

Figure 4 shows plot waveform and spectrogram of the recorded speech for four speakers. Waveform 
graphic describe speech signal in time domain and give information of amplitude and time. 
Spectrogram is used to know the signal representation in frequency domain. 

 

  

 
(a) 

 
(b) 
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(c) 

 

(d) 
Figure 4 – Plot waveform and spectogram of sentence “ayolah, masuk!” (a) FCIM, (b) FYAT, (c) 

MBAZ and (d) MDPA 
 

In Figure 5 can be seen the waveform of speech signal followed by comparison among fundamental 
frequency contour of the synthesized speech. Figure 5 is for female voice FYAT. From the F0 track, 
can be seen that there is some distortion between the original speech and the synthesized speech. The 
distortion is quite big and it is the reason why the synthesized speech still has robotic sound and noise. 
From the female voice, the F0 track has almost the same pattern with the original speech.  

 

 
 
 

Figure 5 – (a) Plot waveform and spectogram of sentence “alangkah bahagianya dia bisa dekat 
dengan ayahnya” FYAT speaker (b) original speech, synthesized speech with (c) 82 sentences, (d) 

227 sentences 
 

To assess the quality of voice produced after the training process using HTS, tested with MOS 
(Mean Opinion Score) to see subjective assessment and the objective test using MCD method. In 
objective test is using MCD method earn the best score for happiness expressive style with score 4.2 
in 82 training data. Then for sadness with score 5.13 in 81 training data and 5.18 for anger in 80 
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training data. Based on the results indicate that the speech quality of synthesized speech is still not 
enough. Based on these data, can be concluded that the distortion of mel-cepstral will be smaller as 
the higher number of database which being used. That is because of the more probabilities of the 
appearance phonemes when using the maximum training data.  

 
 

 
 

Figure 6 – Mel-cepstrum analysis of female synthesized speech with sentence “ayo bergegas 
Daeng, kau sudah baikan bukan?” (a) original speech, synthesized speech with (b) 82 sentences, (c) 

227 sentences 
 
Subjective test with Mean Opinion Score obtain naturalness for happiness, anger, and sadness with 

score 3.51, 3.38, and 3,0, respectively. We can see based on test results of voice quality using MOS 
(Mean Opinion Score) method for testing the results of training expressive Indonesian speech corpus 
showed that the voice quality is sufficient. Therefore, the resulting synthetic speech can be categorized 
as good and software can be used to design Indonesian natural speech synthesis. 

4. CONCLUSION 
In this paper, we develop expressive Indonesian speech database which contain of 655 sentences 

in accordance with phonetically balanced, which has met 33 types of phonemes. Total duration for 
four speakers is 2 hours 53 minute 59 second with male voice for around 1 hours 24 minute 24 second 
and female voice for around 1 hours 29 minute 35 second. The process of segmentation and labeling 
is done by using wavesurfer software.  

The synthesized speech of Indonesian HMM-based speech synthesis system with manual 
segmentation and labeling is evaluated with MOS (Mean Opinion Score) to see subjective assessment. 
Based on the test results of voice quality using subjective test, involving 20 respondents. Subjective 
test with Mean Opinion Score obtain naturalness for happiness, anger, and sadness with score 3.51, 
3.38, and 3,0, respectively. In objective test is using MCD method earn the best score for happiness 
expressive style with score 4.2 in 82 training data. Then for sadness with score 5.13 in 81 training 
data and 5.18 for anger in 80 training data.Therefore, the resulting synthetic speech can be categorized 
as good and software can be used to design Indonesian natural speech synthesis.  

In the next work, we try to build more voice with different speakers. Furthermore, we try to increase 
the amount segmentation and labeling dataset by hand-labeling to increase quality of synthesized 
speech. 
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Abstract
The goal of the present work is to control the modal dynamics of a piezo-electric loudspeaker in order to reach
directivity of efficiency criteria. In this context, we study the dynamics and sound radiation of a piezoelectric
plate biased by a static pressure on one side. This pressure inflates the plate and its forced dynamics around this
equilibrium position are then studied. With the help of von Karman plate theory, the static equilibrium position
of a plate of arbitrary shape is sought for before writing its linear dynamics around this equilibrium position.
This two-step problem is solved numerically using a finite elements software (Freefem++). This results in a
series of eigenmodes and eigenfrequencies for each value of the static pressure difference. Next the modal
forces due to the piezoelectric coupling are calculted. By considering a baffled plate, the acoustical radiation is
computed using the Rayleigh integral. The numerical model is used to perform a parametric optimisation of the
system.

Keywords: Piezoelectic plates, Loudspeaker, Optimisation, Genetic algorithm, Radiation

1 INTRODUCTION
Numerous studies have focused on the dynamics of piezoelectric plates, with the aim of designing loudspeak-
ers [4], reducing the acoustic transmission through panels [9], or controlling structural vibrations [2]. Often,
a Kirchhoff-Love linear plate model taking into account piezoelectric coupling is considered [8]. An antisym-
metric configuration of the piezoelectric layers is then considered in order to couple the electric field and the
bending moments within the plate. Conversely, a symmetrical configuration produces only membrane forces
and therefore does not allow to generate a transverse displacement of the plate in the context of this linear
modeling. To couple the electric field to the transverse displacement in this context, the structure must have a
curvature. It is then necessary to consider shells or prestressed plates. We propose here a plate configuration
prestressed by a pressure differential on which we can vary the degree of asymmetry of the piezoelectric layers.
Although this system can have many applications (sensors for non-destructive testing, microphone, energy har-
vesting...), we focus here on a speaker-type application and wish to optimize the radiation of the system. One
of our objectives is to find a configuration with a response to an electrical signal dominated by the response of
a single mode of vibration, over the widest possible frequency range, by adjusting the shape of the electrodes
glued on the piezoelectric plate. There are several works in the literature seeking to achieve a modal forcing
by playing on the shape of the electrodes [5, 4, 10]. The approach developed in the present article will use the
same principles by integrating the prestresses, the degree of asymmetry and the acoustic radiation properties at
low frequencies into optimization.
First, we will derive a model of a piezoelectric plate prestressed by a static pressure differential and dynamically
excited by an electric voltage on the electrodes. This model will next be used to optimize various parameters
in order to create a system radiating in a single structural mode. Finally, some optimization results will be
presented and analyzed.

2 PIEZOELECTRIC PLATE MODEL
We are interested in the system represented on figure 1. The piezoelectric plate has a thickness h and an
arbitrary shape of characteristic dimension L. This plate consists of a linear and isotropic elastic material, char-
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Figure 1. Schematic view of the problem : a plate defined by the border Σ where it is clamped. The interior
domain is denoted Ω. The plate consists of two piezoelectric layers separated by an electrode. Upper and lower
layers are partially covered by an electrode, indicated by the orange color. The electrical potentials are V and
cV on the upper and lower layers respectively.

acterized by its Young modulus E and Poisson’s ratio ν . The edge of the plate is denoted Σ. The displacement
is written ξ = uex + vey +wez. The equations describing the dynamics of this plate are obtained from the as-
sumptions of Von Kármán [6] (thin plate, w at most of h and small derivatives in front of the unit, small
deformations, Kirchhoff’s assumptions for the stresses in the median plane, and small in-plane displacements u
and v compared to w).
Locally, the stresses in the plate are the sum of internal stresses due to the deformation and the stresses gener-
ated by the piezoelectric coupling:

σxx =
E

1−ν2 (εxx +νεyy)+ e31FE

σyy =
E

1−ν2 (εyy +νεxx)+ e31FE

σxy =
E

1+ν
γxy (1)

where E is the electric field along z. The latter equals 2V /h in the upper half and 2cV /h in the lower half.
It is assumed here that the piezoelectric coupling is only between the electric field along z and the uniaxial
stresses in the plane of the plate, and that this coupling is isotropic in the plane. In equations (1), e31 is the
associated piezoelectric coupling coefficient. The function F is a function that describes the fact that electrodes
partially corver the piezoelectric film. This factor equals 1 where the electrode is present, and 0 elsewhere.
The equations describing the nonlinear dynamics of the system taking into account the Von Kármán hypotheses
set out above are detailed in numerous works (for example [1]). The same development is carried out here
taking into account the piezoelectric coupling as introduced in equation (1). After introducing the membrane
forces Nx, Ny, Nxy, and the moments Mx, My, Mxy, the behavior equations link these six generalized forces to
deformations through six equations written below in dimensionless form, using the following quantities for the
scaling:

Time: L2

√
ρ(1−ν2)

Eh2 Lengths: L Pressure:
Eh3

12(1−ν2)L3 (2)

Membrane stresses:
Eh

1−ν2 Moments:
Eh3

12L(1−ν2)
Voltage:

Eh
e31(1−ν2)

(3)
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The mechanical behaviour writes:

Nx =
∂u
∂x

+ν
∂v
∂y

+
1
2

(
∂w
∂x

)2

+
ν

2

(
∂w
∂y

)2

+(1+ c)F v, (4)

Ny =
∂v
∂y

+ν
∂u
∂x

+
1
2

(
∂w
∂y

)2

+
ν

2

(
∂w
∂x

)2

+(1+ c)F v, (5)

Nxy =
1−ν

2

[
∂u
∂y

+
∂v
∂x

+
∂w
∂x

∂w
∂y

]
, (6)

Mx =−
∂ 2w
∂x2 −ν

∂ 2w
∂y2 +3l(1− c)F v, (7)

My =−
∂ 2w
∂y2 −ν

∂ 2w
∂x2 +3l(1− c)F v, (8)

Mxy =−(1−ν)
∂ 2w
∂x∂y

, (9)

and equilibrium writes:

∂Nx

∂x
+

∂Nxy

∂y
= 0, (10)

∂Nxy

∂x
+

∂Ny

∂y
= 0, (11)

p+ ẅ+
∂ 2Mx

∂x2 +
∂ 2My

∂y2 +2
∂ 2Mxy

∂x∂y
+12l2

(
Nx

∂ 2w
∂x2 +Ny

∂ 2w
∂y2 +2Nxy

∂ 2w
∂x∂y

)
= 0. (12)

These equations depend only on four dimensionless parameters: the Poisson’s ratio ν , the aspect ratio l = L/h,
the dimensionless pressure differential p and the piezoelectric forcing symmetry parameter c, in addition to
eventual parameters describing the shape of the plate. The clamped edge Σ, where the outgoing normal is
denoted n imposes:

u = v = w = 0 and gradw .n = 0 on Σ. (13)

3 Linear dynamics around an equilibrium state
We are interested in the response of the system subjected to a static pressure p0 when a voltage V (t) is
imposed. The nonlinear equations presented in the previous section are first separated between a permanent part
and low amplitude fluctuations. Order two quantities are then neglected and the weak form of the system is
written to implement the finite element method with Freefem++ [7].
The nonlinear static problem of a membrane subject to p = p0 is first solved. Numerically, a gradient method
is implemented in Freefem++ to reach the nonlinear solution. This solution is represented in figure 2 for some
typical values of the parameters.
Next, the linear dynamics of the system around the nonlinear static equilibrium resulting from the static inflation
pressure p is calculated. In practice, the finite element method is used to calculate the mass and stiffness
matrices M and K. It should be noted that the finite element stiffness matrix is not symmetric and the numerical
modal analysis of the problem then involves two families of modes: the right modes φ , resulting from the direct
eigenvalue problem, and the left modes ψ , given by the transposed eigenvalue problem. Thus the dynamics of
the forced system in the modal basis involves an expansion along the right modes of the nine quantities of the
problem. In particular, the displacement along z writes

w(x,y, t) =
N

∑
n=1

qn(t)φwn(x,y), (14)
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Figure 2. Static deformation of a plate submitted to a pressure differential p for l = 3.33× 104 and ν = 0.25.
(a) Displacement w for p = 10−4, (b) displacement w for p = 100, (c) displacement w(x,y = 1/2) for different
values of p in the range [10−4,103], (d) maximum value of w as function of p.

where the w subscript indicates that the eigenmode for w is considered. The nth component of the vector of the
modal forces resulting from a projection on the left modes writes:

Fn =
∫

Ω

[
(1+ c)(ψNxn +ψNyn)+3l(1− c)(ψMxn +ψMyn)

]
F vdΩ.

In this expression of the modal force the projections of F on two modal functions appear: one is related to
the membrane forces Nx +Ny, the other to the moments Mx +My. It should be noted the the projection on the
moment is scaled by the aspect ratio l. For thin plates, l is very large (l = 3.33×104 in the case presented in
this article). Thus, for the membrane forces to contribute significantly to the modal force n, ψNxn +ψNyn must
be several orders of magnitude greater than ψMxn +ψMyn. This is what is observed in practice for large values
of the pressure p. This is illustrated in figure 3 where φw1, ψMx1 +ψMy1 and ψMx1 +ψMy1 are plotted for two
inflation pressures. We observe that when p increases, the membrane forces of this mode become very large
compared to the moments, so even if moments are in factor of a coefficient l = 3.33× 104, membrane forces
are dominant.
Let w = ℜ(ŵ(x,y)eiωt) be the harmonic response of the plate when an input voltage of the form v = ℜ(v̂eiωt)
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Figure 3. First eigenmode for two different pressures. The displacement of the first right mode is plotted on
the first line. The membrane stresses and moments of the first left mode are plotted on the second and third
lines respectively. The mean value of these quatities and the eigenfrequencies are plotted as function of p on
the down-left and down-right figures respectively.
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is applied. The amplitude in the Fourier space ŵ then takes the form of a sum of modal contributions,

ŵ(x,y) = ∑
n

Fnφwn(x,y)
ω2

n −ω2−2iηωnω
. (15)

In the above equation η is an arbitrary linear constant damping, which is added for consistency to take into
account different sources of damping in the mechanical system. Experiments on real systems would be necessary
to correctly model the damping. Assuming that radiated acoustic wavelengths are large compared to L, the
pressure P (in pascals) radiated at a distance R0� L from the embedded plate in an infinite rigid plane takes
the simple form below,

2πP
ρ f c2

0
=−eikr0 ∑

n

Fnχn

ω2
n −ω2−2iηωnω

, with χn =
∫

Ω

φwnds, (16)

where k is the acoustic wave number adimensioned by L and r0 = R0/L. This low frequency approximation
is the monopole radiation approximation, obtained in practice from the Rayleigh integral [3]. We thus see that
with the approximations made above, the contribution to the radiation of a mode n of the structure is directly
proportional to the product Fnχn. Hence, the optimization of the following section is based on this particular
quantity.

4 Optimisation of the electrodes’ geometry
The radiation associated with an input voltage v(t) of the system has been calculated in the previous section.
This modeling can then be used to optimize the geometry of the system for different purposes. We propose
here to work on a geometry of electrodes defined from concentric rings, parametrized by five rays and plotted
in figure 4abc. This geometry defines the function F represented in figure 1 and appearing in the equation (15),
which is 1 where the electrode is present and 0 elsewhere. The goal here is to maximize the radiation of the
plate of one mode m, and minimize the other modes radiation. We thus seek to minimize the cost function:

J =
∑

N
n=1,n6=m(χnFn)

2

(χmFm)2 , (17)

with the following constraints

0 < r1 < r2 < r3 < r4 < r5 <
1
2

and −1 < c < 1. (18)

This optimization was performed for different values of the parameters l, ν and p using a genetic algorithm
implemented under Matlab. In the following we will focus on the case m = 1.
In figure 4 are presented three cases of best local optima for three different inflation pressures. The frequency
response functions far from the plate are also plotted in figure 4. The shaded lines correspond to the frequency
response obtained if we make an error of +5% or −5% on the dimensions of the electrodes. The plate subjected
to a high inflation pressure seems both to give a more robust optimum and to increase the efficiency of the
radiation.

5 Conclusion
We presented a weakly nonlinear model of a plate of arbitrary shape forced by a static pressure differential
and by a dynamic loading by piezoelectric coupling. This model allows a quick calculation of the dynamics
and the acoustic radiation and could thus be used to optimise several parameters (electrode geometry r1...r5 and
asymmetry coefficient of the piezoelectric forcing c) in order to maximize the radiation of one mode compared
to the others. This optimization problem has many local minima and although a long phase of exploration of the
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(a)    p
0

 = 0.01    J = 0.00025195     c = 0.73753 (b)    p
0

 = 1    J = 0.00030626     c = 0.20239

(c)    p
0

 = 100    J = 7.6807e-10     c = -0.60963

Figure 4. Various electrode shapes (local minima of J) found by the genetic algorithm. Pink corresponds to
F = 1, blue corresponds to F = 0.
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genetic algorithm with large populations is done for each case, we have no evidence that the global minimum.
However, the results show that we are able to isolate the radiation of a single mode.
We also note a very high sensitivity of the cost function J to the parameters of the problem, the minimum found
by the genetic algorithm, whether local or global, lies at the bottom of a very narrow well. This feature is not
mentioned in previous work on actuators or modal sensors based on a binary elecrode distribution (F = 0 or 1)
[5], and can cause reliability problems in a practical application. The configuration proposed in this work can
advantageously overcome this problem, because two parameters can be adjusted after the design of the device,
the inflation pressure p0 and the asymmetry coefficient c of the piezoelectric forcing.
We are now working on other forms and other optimization objectives, as well as on the realization of optimized
prototypes.
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Abstract
A numerical model for optimization of loudspeakers mounted in infinite baffles is presented in this paper. The
optimization is carried out by using objective functions based on basic response characteristics for loudspeakers
such as the on axis frequency response. In-order to create a realistic model of the speaker we include the
excitation of the speaker from the motor system. The interaction between acoustic medium and structure is
modelled with the finite element method. As most loudspeaker drivers are nearly symmetric, the presented
model is a 2D axisymmetric finite element model. The exterior domain is modelled with perfectly matched
layers, which ensure free-field radiation conditions. Optimized designs for a selection of objective functions are
presented and discussed.
Keywords: Optimization, FEM, Loudspeaker, Materials

1 INTRODUCTION
Since its discovery three decades ago [2], structural topology optimization has increased in popularity [3] and
is now widely used as a design tool to for improving a wide range of engineering structures such as airplane
fuselages [1], waveguide filters [10] and periodic microstructures [8]. The usage of optimization techniques has
over the years expanded to many different scientific disciplines, including acoustic-structure problems [9].
Topology optimization has previously been used when performing structural-acoustic optimization. One of the
pitfalls of using structural topology optimization in conjunction with acoustics, is the physical interpretation
of structural elements with intermediate densities, e.g. how to interpret an element with 40 % air and 60 %
solid. Several methods have been proposed to combat this issue, [13] introduces the concept of a mixed finite
element formulation, [6] uses artificial mechanical and acoustic parameters in the non-structural and non-acoustic
domains together with self coupling elements and [11] proposes level set based topology optimization.
If we consider the design of loudspeakers from different brands the choice of shape and materials are converging
towards similar solutions. This paper will look at the choice of materials in loudspeakers and how these choices
can improve the performance. To do this we use advanced numerical optimization techniques in conjunction
with a 2D axisymmetric finite element model. This paper is about distributed parameter optimization. Here
the mechanical structure is not changeable, and only the material of which it is made of is optimized. This
of course limits the design freedom in the sense that new geometries are not created, instead we explore the
opportunities of existing mechanical structures.

2 THEORY
Finite element analysis (FEA) is used to calculate the acoustic wave propagation from a vibrating mechanical
structure. The model consists of a structural mechanics domain where the governing equation are the dynamic
equation of motion and an acoustic domain described with the Helmholtz equation. These domains are dis-
cretized into elements with quadratic shape functions. The two domains are coupled together in the interface
between the mechanical structure and the acoustic domain, for details see e.g. [5]. Perfectly Matches Layers
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(PMLs) are used to mimic exterior acoustic conditions, the details of this method can be found in [4]. The
following matrix vector equation is used to calculate mechanical displacements and acoustic pressure([

K −ST

0 KF(ω)

]
−ω

2
[

M 0
ρF S MF(ω)

]){
us
p

}
=

{
fs(ω)

0

}
, (1)

where K is structural stiffness matrix, S is the coupling matrix, ω is the harmonic excitation frequency, M
is the structural mass matrix, us is the structural nodal displacements fs(ω) is the externally applied harmonic
excitation of the mechanical structure, KF(ω) is the acoustic stiffness matrix that is frequency dependent in the
PML region, ρ f is the density of air, MF(ω) is the acoustic mass matrix which is frequency dependent in the
PML region and p is the nodal pressure in the acoustic domain.

3 DISTRIBUTED PARAMETER OPTIMIZATION
This paper proposes an optimization scheme in which the material distribution within the structure is optimized.
The optimization procedure relies on being able to change the element stiffness and density in each individual
structural element, which is controlled by the design variable αe that can take on values between 0 and 1. The
following linear interpolation is used in each structural element

ρ
e = ρmin +α

e (ρmax−ρmin) (2)
Ee = Emin +α

e (Emax−Emin) , (3)

where Ee is the Young’s modulus in an element, ρe is the element density, ρmin is a lower bound for the element
density, ρmax is the upper bound, Emin is the lower bound of the element Young’s modulus and Emax is the
upper bound. Young’s modulus and density are chosen as the parameters to be changed during the optimization
because they are very much linked to the vibration pattern of the mechanical structure. The parameters needs
change with some co-dependency (here a linear dependency) such that the achieved material configuration is
kept realistic and to avoid trivial solutions.
The system of equations in (1) can be written in a compact form(

K̃−ω
2M̃
)

ũ = S̃ũ = f̃, (4)

where ˜(·) indicates that the matrix or vector is written with compact notation.
The full sensitivity analysis is not carried out in this paper, the reader is referred to [7, 6] for a detailed
explanation of the derivation of the adjoint sensitivities.

3.1 The Optimization Problem
Figure 1 shows the domain to be optimized, Ω, which resembles a piston-like structure mounted in an infinite
baffle. The figure also shows half of the acoustic domain ΩF , the acoustic domain is also present below the
piston, however it is not included in this figure and finally, ΩA, which is the region with PMLs.
In Figure 1 the region marked by the red rectangle is the region of interest for the optimization. In this region
it is desired to enhance the performance of the speaker, consequently, the magnitude of the pressure needs to
be increased. This can be cast as a optimization problem

max
α

Φ0 = |ũ|2 ,
s.t. S̃ũ− f̃ = 0 ,

0≤ αe ≤ 1 , e = 1, . . . ,n ,

(5)

which can be solve using the Method of Moving Asymptotes [12]. It is only the nodal degrees of freedom
(DOF) inside the boxed region that should be included in the objective function. Consequently, the diagonal
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Figure 1. Piston-like-structure mounted in an infinite baffle.

matrix L is constructed, the matrix contains ones in the diagonal corresponding to the DOF in the boxed region
in Figure 1.

Φ0 = |ũ|2 = |ũ|T L|ũ|. (6)

The adjoint equation for this particular optimization problem becomes [7]

S̃λλλ =−2LT ũ, (7)

the equation should be solved for λλλ , which is the adjoint variable that can be used to compute the sensitivities
by inserting into:

Φ
′ = Re

(
λλλ

T ∂ S̃
∂αe ũ

)
, (8)

where the term ∂ S̃
∂αe is the derivative of the system matrix with respect to the design variable αe. Evaluating

the term yields
∂ S̃

∂αe =
∂ K̃
∂αe −ω

2 ∂M̃
∂αe , (9)

in which the derivative of the global mass and stiffness matrix is

∂ K̃
∂αe =

[
∂K
∂αe − ∂ST

∂αe

0 ∂KF
∂αe

]
=

[
∂Ee

∂αe K 0
0 0

]
,

∂M̃
∂αe =

[
∂M
∂αe 0

ρF
∂S

∂αe
∂MF
∂αe

]
=

[
∂ρe

∂αe M 0
0 0

]
, (10)

where Ee and ρe are determined from (3) and (2), the derivative of the element interpolation functions with
respect to the design variable is

∂Ee

∂αe = Emax−Emin ,
∂ρe

∂αe = ρmax−ρmin (11)
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α = 0 α = 0.5 α = 1

Figure 2. 1500Hz excitation frequency, |p|2 evaluated for the starting guess (left), optimized design with 1
element in the vertical direction (middle) and optimized design with 5 elements in the vertical direction (right).

4 NUMERICAL RESULTS AND DISCUSSION
The optimization problem (5) is solved for the structure presented in Figure 1 at three different excitation
frequencies. This structure corresponds to a loudspeaker unit of 12 inches, which is a large bass unit that is
used to produce low frequency content. The results in this section is obtained for 1500Hz, 2500Hz and 3500
Hz, these frequencies are well above the operating range of a 12 inch unit. Furthermore the loudspeaker unit
is flat and with no dust cap, consequently, the structure does not benefit from geometrical stiffness. These
factors makes the optimization problem harder to solve, but solving it might give an indication whether we
could extend the operating range of larger units by utilizing optimization techniques.
This section presents the optimized results and these are compared to the original structure with homogeneous
material distribution. The vibration pattern of the optimized- and original structures are presented, furthermore
the objective functions as function of iteration history are shown. Two optimization results are presented for
each excitation frequency, the first result only has one element in the vertical direction and 36 elements in the
radial direction. The second result has a higher degree of design freedom, these design consists of 5 elements
in the vertical direction and 36 elements ind the radial direction.
Table 1 shows the parameters used to determine the Young’s modulus and density in each element.

Table 1. Lower- and upper bound for element stiffness and density

Emin: 35 MPa Emax: 105 MPa
ρmin: 1350 kg/m3 ρmax: 4050 kg/m3

Figure 2 shows |p|2 for three different structures, all of whom are excited by a tip force of 2N at 1500 Hz.
The leftmost structure has a uniform material distribution with αe = 0.5 in all elements. This is the initial
design that also serves as a starting guess for the optimization. From the plots of the pressure magnitude,
it can be observed that the optimized designs vastly improves the magnitude of the pressure in the desired
region. Especially the rightmost design achieves a very good design, which is further validated by looking at
the objective function in Figure 8.
The vibration pattern of the structures in Figure 3 shows that the rightmost structure can create larger structural
displacements compared to the structure in the middle, it is noted that the overall displacement pattern is similar
for the two optimized structures. The structural displacements have been scaled with a factor of 5000 for better
visualization.
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Figure 3. 1500Hz excitation frequency, vibration pattern for the the starting guess (left), optimized design with 1
element in the vertical direction (middle) and optimized design with 5 elements in the vertical direction (right).

α = 0 α = 0.5 α = 1

Figure 4. 2500Hz excitation frequency, |p|2 evaluated for the starting guess (left), optimized design with 1
element in the vertical direction (middle) and optimized design with 5 elements in the vertical direction (right).

In Figure 4 the structure is excited with 2N at 2500 Hz. In this figure it is observed that optimized structure in
the middle performs slightly better than the rightmost structure. This is surprising since the rightmost structure
has larger design freedom and therefore should perform better when optimized, as it was the case in Figure 2.
From Figure 8 one can see that the structure containing 5 elements exhibits a strange convergence pattern during
the optimization, which might be due to an unfeasible local minimum. The vibration pattern of the structure
can be seen in Figure 3.
The structure in Figure 6 is excited at 3500 Hz with a tip force of 2N. It can be seen in the figure that the
pressure magnitude is indeed increased, this is however not as significant as the previously shown result. This
is supported by Figure 8 that shows that the pressure magnitude in the rectangular area only is increased by a
factor of 8. Figure 7 shows the vibration pattern of homogeneous- and optimized structures.

Figure 5. 2500Hz excitation frequency, vibration pattern for the the starting guess (left), optimized design with 1
element in the vertical direction (middle) and optimized design with 5 elements in the vertical direction (right).
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α = 0 α = 0.5 α = 1

Figure 6. 3500Hz excitation frequency, |p|2 evaluated for the starting guess (left), optimized design with 1
element in the vertical direction (middle) and optimized design with 5 elements in the vertical direction (right).

Figure 7. 3500Hz excitation frequency, vibration pattern for the the starting guess (left), optimized design with 1
element in the vertical direction (middle) and optimized design with 5 elements in the vertical direction (right).
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Figure 8. Objective functions evaluated for the optimized designs as function of iteration history.
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Figure 9. Evaluation of the objective function as a function of frequency for the initial homogeneous solution
and for the optimized designs.

Figure 9 shows how the optimized designs performs in the frequency range from 100 Hz to 5000 Hz. The
green lines indicate the target frequencies, the blue lines are the performance of the design optimized for 1500
Hz, the red curve is 2500 Hz and the magenta curve is 3500 Hz and the black curve is the initial homogeneous
design. The optimizer tries to shift the resonance frequency such that it aligns with the target frequency for the
optimization. This is especially pronounced for the blue and red curve where the third resonance frequency of
the initial structure is shifted down in frequency for the blue curve and shifted up for the red curve. The first
resonance frequency of the initial structure is hardly affected by the optimization whereas the second resonance
frequency is affected to some extend. The optimized structure for 2500 Hz actually has a higher objective
function value at 3500 Hz than the structure which was optimized for that frequency. This shows the existence
of local minimums that can affect the end result of the optimization.
The optimized designs takes advantage of the rather simple objective function by increasing the magnitude of
the pressure close to the center axis where it is easiest. This gives a rather uneven pressure response, due to
the fact that the pressure on axis is greatly increased relative to the pressure off-axis. If one wants the increase
in pressure to be more evenly distributed a more complex objective function should be used; in which the
optimization favors the off-axis response over the on-axis response. Another option could be to minimize the
standard deviation of the pressure magnitude for the optimized designs presented in this paper.
The designs presented in this paper is optimized for one specific frequency. It was expected that the perfor-
mance at other frequencies would be sacrificed to achieve optimal performance at the target frequency. This
has however not been the case and this could be due to the fact that the optimized structures has regions with
lower structural stiffness and thereby larger structural displacements compared to the initial design.

5 CONCLUSION
A 2D axisymmetric numerical framework has been developed and extended to include distributed parameter
optimization of mechanical structures coupled to acoustic domains. The optimization is based on well known
gradient based methods. The advantage of the method is that it does not require any interpolation scheme,
because the interface between fluid and solid is well defined throughout the optimization. The developed method
is tested with three simple examples in which the initial design is improved. The design obtained at 1500 Hz
shows major improvements when compared to the starting point, the design with 5 vertical elements improves
with a factor of 280 when compared to the initial design. This comes to show that large improvements of
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existing designs can be obtained by optimizing the material within the structure.
The method can readily be extended to consider more sophisticated objective functions, which i.e. could be
used to achieve an even pressure response at higher frequencies. The method should be extended, such that the
optimization includes multiple frequencies and thereby making the obtained solutions valid in a broader range.
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Abstract
Non-Negative Intensity (NNI) is a quantity which could avoid the near-field cancellation effects in sound inten-
sity and provide direct visualization of surface contributions to sound power. Hence, the NNI and its variants
are implemented to be the objective function of topology optimization for damping layer design. Regarding
vibro-acoustic systems, the structural vibrations are analyzed by the finite element method (FEM), and fast
multipole boundary element method (FMBEM) is used for the acoustic analysis. A two-way coupling is es-
tablished between the structural and the acoustic domains. By using the FMBEM and the implicitly restarted
Arnoldi method (IRAM), the eigenvalue analysis for the symmetrized acoustic impedance matrix is performed
with efficiency. Then, the NNI can be easily computed based on the eigen-solutions and the FEM-FMBEM
analysis. Further, these eigen-solutions can be recycled in the optimization iterations since they are independent
of the solutions of the coupled system. This reduces the computational efforts. For calculating the gradients
of the objective function, the adjoint variable method is applied. With the evaluated gradients, the optimization
problem is solved by the method of moving asymptotes (MMA) and the optimized distribution of damping layer
is obtained.
Keywords: Topology optimization, Structural-acoustic, Boundary element method, Non-negative intensity

1 INTRODUCTION
Reducing the sound emission of machines, systems and structures is important. One efficient tool is to suppress
the sound radiation from the most contributing component. This require a straightforward identification of the
contribution to sound radiation from individual components of a structure. Sound intensity has been widely used
to analyze the contribution to radiation in far-field, and the integration of sound intensity over closed surface,
i.e., sound power has also been widely accounted for the objective function in a number of papers [1, 2].
However, sound intensity has both negative and positive values, and thus cannot provide direct visualization of
surface contributions to sound radiation. Hence, sound power is also unable to evaluate the sound contribution
from partially components rather than whole system. To correctly identify the most contributing area, the non-
negative intensity (NNI), was proposed by Marburg et al. [3] to compute the surface contributions to radiated
sound power. In this work, we implemented the integration/sum of NNI on surface of interest as the objective
function. This allows for minimizing the sound radiation from predefined surface rather than the total surfaces.

2 VIBRO-ACOUSTIC ANALYSIS
For exterior structural–acoustic problem, the finite element method (FEM) is applied for structures and the
boundary element method (BEM) is used for fluid. By using the equilibrium and continuity conditions over the
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interface, the coupling between FEM and BEM can be described by [4][
K−ω2M −Cs f

−iωGΘ−1C f s H

][
u

p

]
=

[
fs

0

]
, (1)

where K and M are stiffness and mass matrices of the structure, respectively. For convenience, we use Kd for
representing K−ω2M in the following. H and G are the coefficient matrices for the BEM. Cs f and C f s are
the coupling matrices, Cs f = CT

f s, Θ is the symmetric boundary mass matrix. The vectors fs is the structural
load.

3 NON-NEGATIVE INTENSITY
Following references [3], the non-negative intensity η(x) can be defined by

η(x) =
1
2

β
∗(x)β (x), (2)

where β (x) is only a quantity without physical significance, ()∗ denotes the conjugate of complex values. Ob-
viously, β is non-negative and thus is called by non-negative intensity (NNI). After discretizing, the NNI at
collocation points can be calculated by [3]

β = BΘv f =Φ
√
ΛΦTΘv f , (3)

where v f = −iωΘ−1C f su is the particle velocity vector at collocation points. Φ and Λ are the matrix storing
eigenvector Φ and diagonal matrix storing eigenvalue λ by solving the following generalized eigenvalue problem

ZRΦ = λΘΦ, (4)

where ZR is the resistive impedance matrix defined by [3]

ZR =−ℜ
(
GTH−TΘ

)
, (5)

where the negative sign is introduced because the direction of the given normal for emitted sound power is
opposite to the direction of outward normal defined in the BEM analysis. Based on the NNI, the sound power
can be computed as

W =
1
2
βHΘβ, (6)

where ()H denotes the transpose conjugate of a complex matrix.

4 Optimization problem
To decrease radiation contribution from chosen surface Γc, we define the objective function as

WNNI =
1
2
βHΘcβ, (7)

where ()H denotes the conjugate transpose, and Θc is the corresponding boundary mass matrix for surface Γc.
When Θc = Θ, WNNI = W . For vibration and noise control, the damping layer design has been proved to
be efficient, and is also adopted in this work. The damping effects are included by introducing an imaginary
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component to the Young’s modulus E. The optimization problem can be formulated as
min
µ

Π =
1
2
βHΘcβ

s.t.
Ne

∑
e=1

µeve− fv

Ne

∑
e=1

ve 6 0

0 6 µe 6 1 (e = 1, . . . ,Ne)

(8)

where µ = [µ1,µ2, . . . ,µNe ]
T is the artificial elemental density of damping layer, and only can be 0 or 1 origi-

nally. When µ = 1, the damping layer element exists, otherwise it vanishes. Ne denotes the number of chosen
design elements. The symbol ve denotes the volume of e-th element, and fv denotes the corresponding vol-
ume fraction constraint. Because the design variables can only be two discrete values (0 or 1), the optimization
problem is hard to solve mathematically. However, this difficulty can be overcome by converting discrete design
variables into continuous values using a continuous interpolation function, which is the basic idea of density-
based approaches [5]. In the present work, we apply a gradient based algorithm, namely the method of moving
asymptotes (MMA) [6], to solve the optimization problem (8). Hence, the derivative of objective function, i.e.,
the sensitivity information is necessary. As discussed before, we utilize the adjoint method for the sensitivity
analysis based on our previous work [2].

5 NUMERICAL TESTS
In numerical tests, we validate the proposed optimization approach by optimizing the damping layer on a four-
edge simply supported plate. By setting Θc = Θ, we confirm the optimizations with objective function being
sound power and integration of NNI give highly matched results. This is reasonable. Then the center area
and corners of the plate are chosen to be investigated area, and optimized damping layer distributions are quite
different.

6 CONCLUSIONS
In this work, the non-negative intensity (NNI) and its variant are selected to be the objective function in topol-
ogy optimization. By applying this technique, an optimized damping layer distribution can be found which
reduces the sound radiation from predefined components of structure. The FEM and BEM are applied for struc-
tural and acoustic domains, respectively, and a fully coupled FEM-BEM analysis system can be constructed.
Thus, the feedback interaction between the structural and the surrounding acoustic domain can be taken into
account in the optimization. Due to the large number of design variables corresponding to the damping layer
distribution, a gradient based optimization algorithm, namely the method of moving asymptotes, has been used.
To compute the objective function’s gradients efficiently, an adjoint variable method (AVM) has been devel-
oped for the fully coupled acoustic–structure system. Numerical examples have been provided to validate the
optimization technique.
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Abstract
Offshore wind energy is an emerging source of electricity generation and new offshore wind parks are under
construction around the world. The foundation of offshore wind turbines is most often realized driving steel
monopiles into the sea bed using impact hammers, a technique that causes high underwater sound pressure
levels threatening to harm marine mammals and other sea life. In order to protect the marine fauna, limiting
values have been introduced by several countries. Their fulfillment until now has been possible applying state-
of-the-art sound mitigation systems. However, rapidly increasing dimensions of wind turbines with accordingly
increasing pile diameters require an ongoing development of sound mitigation systems. Nowadays applied
sound mitigations systems, e.g. bubble curtains, reduce the propagation of the emitted sound, but do not affect
its generation. Therefore, modifying the sound source, i.e. the hammer and pile, to reduce the generation of the
sound, has recently gained attention. This contribution focuses on the development of a hammer that causes less
noise but is still capable of driving the pile. First results of optimizing the shape of the impact hammer regarding
its acoustic characteristics are presented.

Keywords: offshore pile driving, impact hammer design, shape optimization, particle swarm optimization

1 INTRODUCTION
In order to construct an offshore wind park, piles are often driven into the sea bed to serve as foundations
for wind energy turbines. In order to drive these piles, an impact hammer, usually consisting of two main
components, namely an impact weight and an anvil, is used. During pile driving, the impact weight falls
repeatedly on the anvil resting on the pile head. The anvil then transmits the impact to the pile, driving it into
the sea bed but also deforming the pile. The pile deformation excites sound waves in the surrounding water
as well as in the sea bed, often causing high underwater sound pressure levels. As these sound emission may
harm marine mammals and fishes, several countries have defined official limits that the sound pressure levels
must not exceed.
To comply with these regulations, several noise mitigation systems, e.g. bubble curtains, have been developed
and successfully applied. However, the capacity of offshore wind turbines and with them the pile diameters are
steadily increasing, causing even higher sound pressure levels. For this reason, in addition to existing approaches
to hinder sound propagation, the development of an impact hammer with improved acoustic characteristics has
been recently gained attention.
This contribution focuses on the optimization of the shape of the main hammer components, i.e., impact weight
and anvil. Since no explicit analytical relationship of the hammer shape, defined as parameter vector θ , and
sound pressure levels (SPL), i.e. SPL = f (θ) can be formulated, the optimization relies on numerical methods.
Here, particle swarm optimization (PSO) is applied, an optimization method that only relies on the function
evaluations f (θ), i.e. no gradients have to be computed numerically, and has been successfully applied in the
context of shape optimization, [1].
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2 NUMERICAL MODEL
Two axisymmetric finite element (FE) models are used to compute the sound excitation and propagation caused
by the hammer impact on the pile. The first model includes only hammer and pile and serves to simulate the
impact and to obtain the resulting deformation of the pile head. The pile head velocity vp(t) is then passed to
the second model, used to model the propagation of waves in pile, water, and soil. The described modeling
approach is visualized in Figure 1. Further specifications of the FE models can be found in [2], [3].

INPUT:
hammer design θ

Hammer-
pile model

OUTPUT/INPUT:
pile head

velocity vp(t)
Acoustic model

OUTPUT:
sound pressure p(t)

Figure 1. Modeling the underwater sound pressure as a result of pile driving.

For the present contribution, the second model covers the propagation in water and soil up to 30 m distance to
the center of the pile. Although official limits include the SEL in 750 m and beyond, a relatively small model
is applied here, to keep the simulation time short and therefore the model suitable to be used within an opti-
mization. However, a larger model would also include sound waves traveling in the sea bed whose contribution
to the SEL depends largely on the soil properties at the ram location. Therefore, a smaller model also serves
as a model less dependent on the specific location of the driven pile and therefore might be beneficial for the
purpose of defining a hammer design causing less sound emission independently of the specific site.
An approach to increase the considered range and additionally decrease simulation time is to replace the second
FE model by a transfer function. This approach is described in a publication by the same authors, in [4], but
has not been applied for the present contribution.
Here, a cylindrical pile with 70 m length, 6.5 m diameter, and 80 mm wall thickness serves as an example. The
embedded length of the pile is 35 m and the water depth is 30 m. Simulation time is set to 100 ms.
For the present contribution, the underwater sound pressure is evaluated based on the sound exposure level
(SEL) according to

SEL = 10 log10

(
1
t0

∫ t2

t1

p(t)2

p2
0

dt
)

[dB], (1)

where p0 refers to the reference sound pressure for underwater sound, i.e. p0 = 1 µPa, and t0 to the reference
time, i.e. t0 = t2− t1 = 1s.

3 ANALYSIS OF THE INFLUENCE OF THE HAMMER DESIGN ON THE SEL
Although this contribution focuses on optimizing the hammer shape, an analysis of the influence of the hammer
material on the SEL is presented beforehand. The reason is that the material is rather easily described using
the density ρ and the Young’s modulus E, whereas the description of a realistic hammer shape requires several
parameters. The effect of material and shape, however, is linked, since the mass is changed by either density
or volume as is the stiffness by the Young’s modul or the length and the cross section.
For the purpose of analyzing the influence of the material parameters on the SEL, several hammer models with
different materials were generated to obtain the corresponding sound pressure levels. The shape was the same
as of the existing hammer MHU3500S by the company MENCK. Its original density and mass were varied
within a range of ±50%. The impact energy was set to 2000 kJ. For the first analysis, the original material was
used for one of the hammer components, while the material of the other were modified. 100 samples have been
generated. The results are shown in Figure 2. For the second analysis, the material of both components were
changed simultaneously, i.e, the parameter study was based on 4 parameters. 300 samples have been generated.
The results are shown in Figure 3.

6232



4,000 7,850 12,000

density [kg/m3]
anvil

100 210 320

Young’s modulus [GPa]
anvil

4,000 7,850 12,000

188

190

192

194

196

density [kg/m3]
impact weight

S
E
L

[d
B
]

100 210 320

Young’s modulus [GPa]
impact weight

Figure 2. Parameter study hammer material for both hammer components individually.
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Figure 3. Parameter study hammer material for both hammer components simultaneously.

The results of the first analysis indicate that the SEL decreases with increasing mass and decreasing stiffness.
Although this can be observed for both components, impact weight and anvil, the influence of the material of
the impact weight seems to be stronger. Regarding the impact weight, a similar behavior of the SEL can be
observed in the results for the second analysis. No clear relationship for the material of the anvil, however,
can be established from the results shown in Figure 3. Furthermore, the corresponding correlation coefficients,
shown in Table 1, support the above stated and indicate that especially the influence of the anvil design on the
SEL depends strongly on the design of the impact weight.

Table 1. Correlation factors for material parameters and the SEL.
density impact weight E-Modul impact weight density anvil E-Modul anvil

Analysis 1 -0.79 0.67 -0.67 0.77
Analysis 2 -0.73 0.60 -0.16 0.13

Therefore, an optimization of the anvil should only be performed, if the design of the impact weight is already
known, or in a joint optimization. The correlation coefficients regarding the material of the impact weight also
decrease from analysis 1 to 2, indicating a low dependency on the shape of the anvil. In order to include all
possible coupled effects, the optimization, presented in the following section, includes both hammer components.

4 OPTIMIZATION
The optimization problem considered here, i.e. defining the shape of the hammer components to minimize the
sound emission caused by the hammer impact on the pile, is challenging. First, an integration of the FE model
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into the optimization is required since no explicit analytical relationship of the hammer shape and the sound
pressure emission is known. Second, the hammer design underlies several restrictions, e.g, the size, mass, and
manufacturability of the hammer components, but also the ram efficiency, drivability of the pile, and tensions
of the material caused by the impact. Even more difficult to determine, but equally important, is the durability
of the hammer.
The following sections present an optimization approach taking for now only relatively low restrictions in size,
efficiency, and driveability into account.

4.1 Particle swarm optimization
The PSO is a method to optimize nonlinear functions, also applicable for black box problems as it is the case
here, adapted from the behavior of animal swarms, e.g. birds or fish, originally proposed by [5]. Although the
method does not guarantee to find the optimum, it is commonly referred to as an optimization method.
As proposed in [6], the position x of each particle d is updated every step k, using

xd
k+1 = xd

k + vd
k+1, (2)

vd
k+1 = wvd

k + c1 r1

(
pd− xd

k

)
+ c2 r2

(
pk− xd

k

)
, (3)

where k refers to the current time step, k+1 subsequently to the next time step, v refers to the particle velocity,
and p to the best position of either the current particle pd considering all time steps or the current time step
considering all particles pk. The PSO parameters are the inertia w, the cognitive factor c1, the social factor
c2, both equal two and two random factors r1, r2 ∈ [0,1]. Several extensions of the above definition have been
proposed, however, this contribution focuses on this basic version of PSO.

4.2 Setup of the optimization problem
The hammer design with best acoustic properties within a certain design space can be identified as it causes the
lowest underwater sound pressure levels. Here, it is important to compare sound pressure levels that result from
the same amount of energy transmitted to the pile. The impact energy, in the model defined by the drop height
of the impact weight, however, is usually not fully transmitted to the hammer. Since less energy transmitted
to the pile would also cause less sound emission, using the SEL as the objection value could lead particles to
move towards less efficient hammer designs. To avoid the above, the ram efficiency, defined as η = EP/E0, i.e.
the relation of the energy transmitted during the impact to the pile EP to the energy of the impact weight E0
before the contact of impact weight and anvil, is part of the objective function. The applied objective function
is therefore defined as

min
{

SELη = SEL−10 log10 (η)
}
, (4)

where

η ≥ 0.5, (5)
max(vp(t))≤ 0.5m/s. (6)

The constraints in Equation (5) and (6) were introduced to avoid particles moving towards very unrealistic
hammer designs regarding their ram efficiency and ability to drive the pile into the sea bed.
If Equation (5) or (6) is not fulfilled, the inertia factor in Equation 3 is set to zero for the corresponding
optimization step and particle. If the stated conditions are fulfilled, the inertia factor w is set to 0.8. The social
and cognitive factor are chosen to be c1 = c2 = 2.
The parameters for the hammer design were chosen to be interpretable, to be able to get insights of their
influence from the optimization. The definition of the parameters is shown in Figure 4. One example of a
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possible hammer design defined by the presented parameterization can be found in Figure 5. Parameters include
height, radius, and inclination of the components. Additionally, curvatures of the outer surfaces are defined.
Restrictions of the parameter space are stated in Table 2. The initial particle positions were chosen to have
valid shapes and η > 0.5, but are otherwise randomly placed.

Figure 4. Parameterization.

impact 
weight

anvil

pile

Figure 5. A simplified axis symmetric illustration
of an existing hammer (left) in comparison to a
possible hammer design for the proposed parame-
terization.

Table 2. Parameter bounds.

hW hA1 hA2 rW αW αA rC RC |RW|, |RA|
min 1 m 0.5 m -hA1 + 0.5 m 0.2 m −cot

(
rW
hW

)
−cot

(
3.45m

hA1

)
0.2 m 5 m 60 m

max 15 m 4 m 3 m 4 m +cot
(

rW, max−rW
hW

)
+cot

(
0.55m

hA1

)
rW 50 m 300 m

4.3 Results and analysis
36 optimizations steps, i.e. 540 hammer evaluations, were performed until the process was stopped due to no
improvement in the SELη within the last 8 steps. The development of the objective value SELη , the effi-
ciency and the design parameters over the optimization steps are shown in Figure 7. The objective value SELη

decreased successfully from 177 dB for the lowest value for the initial designs to the overall lowest value of
170.6 dB. At the same time, the efficiency increased, staying over 0.8 after only ten steps and over 0.9 after
23 steps. The latter observation demonstrates that an unrealistic decrease in the SELη due to less energy trans-
mitted to the pile was avoided using the modified objective value SELη defined in Equation (4). However, the
development of the efficiency η also indicates that the penalization of the efficiency η might be too high, as
efficiencies between 0.8 to 0.9 may also be acceptable.
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impact 
weight

anvil pile

Figure 6. Simplified illustration of the hammer design with lowest SELη . The corresponding values are
SELη =170.6 dB, SEL=170.3 dB, η=0.94.

The development of the design parameters for this example shows that most parameters converge to their given
limits. The hammer design with lowest SELη is shown in Figure 6. Here, the PSO moves to a long impact
weight with low radius at the bottom but increasing radius at the top (indicated by the parameters hW, rW, and
αW) with a pronounced curvature at the bottom (indicated by rC and RW). The pronounced curvature and the
low radius at the bottom of the impact weight cause a low stiffness that increases due to the positive value of
the angle αW towards the top. The angle αW converges here to the allowed maximum in case of the maximum
value for hW and the minimum value for rW. The radius RW, however, does not converge, eventually due to
small to no influence on the SELη for, at least, the defined range in this case.
In contrast, the design parameters of the anvil move to a especially heavy anvil, as the parameters hA1, hA2,
and αW all move towards the maximum values. Especially the development of the parameter hA2 towards high
positive values is noteworthy, since negative values would have caused lower stiffness. The radius RA converges
to its minimum value, i.e. the curvature practically vanishes.
In summary, the presented optimization results in an impact weight with increasing stiffness from the bottom to
the top and a heavy anvil, while the introduced curvatures RW and RA appear to have zero or negative influence
on the objective value SELη . These results, however, should be viewed cautiously, as some limitations of the
hammer design, i.e. maximum mass and maximum tension, have not been taken into account. Results are also
based on one optimization run with 15 particles and may therefore change with a different initial distribution
of particles, i.e. hammer designs.
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Figure 7. Development of the objective value SELη , the ram efficiency and the design parameters over the
optimization steps. The limits of the plots are the optimization constraints (see Table 2) as far as these are
constant, i.e. do not depend on other parameters.
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5 CONCLUSIONS
An approach to optimize the shape of an impact hammer for offshore pile driving regarding its acoustic prop-
erties has been presented. The characteristics of the hammer design with low SELη are a heavy anvil and an
impact weight with increasing stiffness from the bottom to the top. The SEL could be reduced by more than
6 dB while a high ram efficiency of 0.94 was maintaned. However, several constraints, e.g. regarding manu-
facturability were not taken into account. Future work will therefore include a more realistic parameter space.
Future work will be also directed towards a PSO using a more detailed parameterization that allows for different
shapes and therefore might uncover additional potential of the hammer shape to decrease sound pressure levels.
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Abstract
The sensitivity analysis of the eigenvectors corresponding to multiple eigenvalues is a challenging problem.
The main difficulty is that for given multiple eigenvalues, the eigenvector derivatives can only be computed for
a specific eigenvector basis, the so-called adjacent eigenvector basis. These adjacent eigenvectors depend on
individual variables, which makes the eigenvector derivative calculation very elaborate and expensive from a
computational perspective for problems. We present a new method avoiding passing through adjacent eigenvec-
tors in the calculation of the partial derivatives of any prescribed eigenvector basis. Some examples, including
one in the topology optimization, are provided to validate the present approach. The present paper is based on
our research [1]
Keywords: eigenvector sensitivity repeated eigenvalue topology optimization

1 INTRODUCTION
Eigenproblems, i.e., problems regarding eigenvalues and/or eigenvectors are widely present today in differing
research fields [1, 2, 3]. Whenever they constitute or form a part of the physics of optimization problems with
numerous design variables, then a computationally efficient sensitivity analysis must be performed to enhance
the performance. Topology optimization problems [4], in which a prescribed amount of a material is distributed
in a design space to optimize an objective function while fulfilling some constraints, need to be particularly
highlighted. Their discretized forms are finite-dimensional mathematical programming problems in which the
number of design variables (called densities) is large because it typically coincides with the number of finite
elements of the mesh. In such cases, the cost associated with the computation of the derivatives may be critical
sometimes. In general, computing eigenvalue derivatives with respect to either a single or vector design variable
is inexpensive, whereas computing eigenvector sensitivities is an issue that is relatively much more complex and
expensive. In the case of single eigenvalues, the eigenvectors are differentiable, and there are well established
methods for computing the eigenvector derivatives. Comparatively, the case of eigenvectors corresponding to
multiple eigenvalues is more difficult because in this scenario, there exist infinitely many eigenvectors basis (or-
thonormal with respect to the mass matrix) associated with the multiple eigenvalues. This adversely affects the
differentiability, and even the continuity, of the eigenvectors with respect to the design variables. In this case,
when a single design variable is perturbed, the multiple eigenvalues split into several single eigenvalues. More-
over, it can be shown that the eigenvector basis corresponding to the multiple eigenvalues (before perturbing the
design variable) closer to the eigenvectors of the single eigenvalues (after perturbing the design variable) is dif-
ferentiable. This particular basis is called the adjacent basis, and in general, and it is a very important feature,
which depends on each design variable. Any other eigenvector corresponding to the multiple eigenvalues can be
expressed as a linear combination of the eigenvectors of the adjacent basis, for which the partial derivatives may
be computed. Moreover, the partial derivatives of the target eigenvector can be obtained as a linear combination
of those of the adjacent eigenvectors. In practical cases, e.g., in optimization, we are interested in computing
the sensitivities of a functional depending of certain eigenvectors, which probably follows a prescribed reference
mode shape, and with the existing methods in the literature, this can be achieved using the adjacent eigenvec-
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tors basis. From the implementation perspective, when we have to compute the partial derivatives with respect
to numerous design variables, obtaining these results becomes computationally expensive and elaborate because
as highlighted above, the adjacent eigenvectors depend on each design variable. In this paper, we propose a
method that overcomes this difficulty.

2 AN EFFICIENT GENERAL METHOD FOR SENSITIVITY ANALYSIS OF EIGENVECTORS
Let λ be an eigenvalue of multiplicity m and Φ a matrix whose columns φ 1,φ 2, · · · ,φ m are a basis of M-
orthonormalized eigenvectors (ΦTMΦ = Im) associated with λ . In such a case, the eigenproblem may be ex-
pressed as follows:

KΦ = MΦΛ, Φ ∈ Rn×m, Λ = λ Im ∈ Rm×m (1)

We start by computing the derivatives of the adjacent eigenvectors, Z, verifying

KZ = MZΛ, ZTMZ = Im (2)

For this purpose, let us consider the following objective function:

G̃ = Z, (3)

which indeed is differentiable, and is next modified to conveniently consider the augmented function,

G̃ = Z +PT(KZ−MZΛ)− 1
2

Ξ
T(ZTMZ− Im), (4)

with the help of the adjoint method, where P and Ξ are the vector Lagrange multipliers. Differentiating and
rearranging the terms, we arrive at

G̃′ = PT(K′−λM′)Z− 1
2

Ξ
TZTM′Z, (5)

being the pair (P,Ξ), the unique solution of the so-called adjoint system,[
K−λM −MZ
−ZTM 0

][
P
Ξ

]
=

[
−In
0m×n

]
(6)

which is not singular, as already proved using different techniques in [3].
Two-element cantilever beam with multiple eigenvalues
A two-element cantilever beam with multiple eigenvalues is considered, as shown in Fig. 1. This is a reference
example in the computation of sensitivities of eigenvectors with repeated eigenvalues [2, 3]. The design variable
is the z-axis area moment of the second element with the material properties shown in Fig. 1.
Without loss of generality, both the global stiffness and mass matrices with clamped boundary conditions are
given by

K =
E
L



24Iz
L2 0 0 0 − 12Iz

L2 0 0 6Iz
L

24Iy
L2 0 0 0 − 12Iy

L2 − 6Iy
L 0

8Iy 0 0 6Iy
L 2Iy 0

8Iz − 6Iz
L 0 0 2Iz

12Iz
L2 0 0 − 6Iz

L

sym 12Iy
L2

6Iy
L 0

4Iy 0
4Iz


(7)
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Figure 1. Two-element cantilever beam with multiple eigenvalues.

M =
ρAL
420



312 0 0 0 54 0 0 −13L
312 0 0 0 54 13L 0

8L2 0 0 −13L −3L2 0
8L2 13L 0 0 −3L2

156 0 0 −22L
sym 156 22L 0

4L2 0
4L2


(8)

The displacement vector for the second and third elements is

q = [y2,z2,θy2,θz2,y3,z3,θy3,θz3]
T (9)

Taking the z-axis area moment of the second element as the design variable, b = Iz, and using the material
properties shown in Fig.1, the differentiation of the above matrices is as follows:

dK
db = E

L



12
L2 0 0 6

L − 12
L2 0 0 6

L
0 0 0 0 0 0 0

0 0 0 0 0 0
4 − 6

L 0 0 2
12
L2 0 0 − 6

L
sym 0 0 0

0 0
4


, dM

db = 0 (10)

In our computation environment, the eigenvectors and eigenvalues obtained are the following

Φ̃ =
[
φ̃ 1 φ̃ 2

]
=



−0.0026 0.0233
0.0233 0.0026
−0.0399 −0.0044
−0.0044 0.0399
−0.0075 0.0687

0.0687 0.0075
−0.0473 −0.0052
−0.0052 0.0473


(11)
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and λ1 = λ2 = 1.8414. Notice that the eigenvectors in (11) are different from the adjacent vectors reported
[2, 3], but the rotation of 83.7 degrees after switching the columns of the eigenvectors converts them into the
adjacent vectors found in [2, 3], i.e.,

Z = Φ̃×
[

cos(θ) sin(θ)
−sin(θ) cos(θ)

]
(12)

where θ= 83.7 ◦, with Z the adjacent basis,

Z =



0 −0.0234
−0.0234 0

0.0401 0
0 −0.0401
0 −0.0690

−0.0690 0
0.0475 0

0 −0.0475


(13)

The adjacent eigenvector sensitivities are

Z ′ =

[
∂Z1

∂b
∂Z2

∂b

]
=



0 −0.0012
0 0
0 0
0 −0.0019
0 0.0020
0 0
0 0
0 0.0051


(14)

and the sensitivities of the eigenvalues are given by

∗′ =
[

0 0
0 0.0918

]
(15)

Note that the off-diagonal values of Λ′ are zero. The above sensitivity analysis implies that a change in the
design variable changes one of the eigenvalues associated with Z. To show the accuracy of the computed
sensitivity of the adjacent vectors with respect to the design variable, b, it is common to compute the ratio,
R, of the values predicted by the design sensitivity analysis and those by the central finite difference method
(approximated sensitivity values). In this work, we use the following formula:

R =
(Z (b+∆b)−Z (b−∆b))/(2∆b)

dZ /db
×100(%), ∆b = 10−4 (16)

It is considered that adjacent vectors should be employed to compute the sensitivity of the eigenvectors. How-
ever, as we stated in the previous section, this is actually not correct. To prove this, which is one of the
major contributions of the present study, let us consider the following reference vectors which are the original
eigenvectors, i.e., Φre f = Φ̃.
To determine the rotational coefficients aligning the computed eigenvectors in (11) to the target vectors, the
optimization problem is solved. To compute the sensitivity analysis, i.e., dφ̃ 1/db, dφ̃ 2/db, the adjoint sensitivity
analysis is performed, and the values are summarized in Table 2. For the central difference approach, it is
necessary to compute the eigenvectors Φ̃(b + ∆b) and Φ̃(b− ∆b). To perform this, again two optimization
problems have to be solved for Φ̃(b+∆b) and Φ̃(b−∆b) with the perturbation ∆b = 10−4.
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Table 1. Design sensitivity coefficients of the two-beam problem and their comparison with the central finite
difference method

dZ2/db R (%)
-0.0012 100.00
-0.0000 100.00
0.0000 100.00

-0.0020 100.00
0.0021 100.00

-0.0000 100.00
0.0000 100.00
0.0051 100.00

Note that the double type digits are used for accurate representation:

Φ(b+∆b) =



−0.002557245554096 0.023312001772246
0.023311882479460 0.002557232468092
−0.039928315387980 −0.004379997393876
−0.004380019189142 0.039928514074914
−0.007531949884064 0.068661700775857

0.068661904719745 0.007531972255999
−0.047257847757893 −0.005184021614949
−0.005183965914722 0.047257339991335


(17)

Φ(b−∆b) =



−0.002557219522960 0.023311763147863
0.023311882463730 0.002557232611496
−0.039928315361036 −0.004379997639496
−0.004379975840005 0.039928116635597
−0.007531995054570 0.068662108656116

0.068661904673411 0.007531972678375
−0.047257847726001 −0.005184021905656
−0.005184077616588 0.047258355590119


(18)

Table 2 compares the adjoint sensitivity values with the central difference method using the ratio of the sensi-
tivity values. As illustrated, the ratios are almost 100%, showing that the sensitivities are accurately computed.
Interestingly, the derivatives of the eigenvalues, Λ′aux, become as follows

Λ
′
aux =

[
0.0011 −0.0100
−0.0100 0.0908

]
(19)

and it has the non-zero off-diagonal terms because the eigenvectors are not the adjacent ones. However, there
exists a matrix, which we call here Γaux , being a solution of a small eigenvalue problem, 2×2, which relates
Λ′ (which is diagonal) with Λ′aux in the following manner

Λ
′
auxΓaux = ΓauxΛ

′ (20)

and, indeed, Z′ = Φ̃′Γaux with

Γaux =

[
−0.9940 0.1090
−0.1090 −0.9940

]
=

[
cos(θ) sin(θ)
−sin(θ) cos(θ)

]
, θ = 83.7◦ (21)
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Table 2. Design sensitivity analysis of the two-beam problem with an arbitrary reference vector

dφ̃ 1/db dφ̃ 2/db ∆φ̃ 1/∆b ∆φ̃ 2/∆b R1 (%) R2 (%)
-0.0001 0.0012 -0.0001 0.0012 100.0000 100.0066
-0.0000 0.0000 0.0000 -0.0000 100.0000 100.0000
0.0000 -0.0000 -0.0000 0.0000 100.0000 100.0000

-0.0002 0.0020 -0.0002 0.0020 100.0000 100.0068
0.0002 -0.0020 0.0002 -0.0020 100.9435 100.0000

-0.0000 0.0000 0.0000 -0.0000 100.0000 100.0000
0.0000 -0.0000 -0.0000 0.0000 100.0000 100.0000
0.0006 -0.0051 0.0006 -0.0051 100.2605 100.0000

Currently, the results of our present approach match with those of Dailey’s method, but our method neither
requires the second-order derivative terms of both the stiffness and mass matrices nor needs computing the
adjacent basis.

3 CONCLUSIONS
In this paper, a highly efficient method for computing the derivatives of general functionals, which could even-
tually be vectorial magnitudes depending on eigenvectors, is developed. Our method includes the cases of both
eigenvectors with and without repeated eigenvalues, but the emphasis is on the remarkably more difficult case
of multiple eigenvalues. Our method overcomes the main difficulties of the sensitivity analysis of eigenvec-
tors with repeated eigenvalues, providing a simple, direct, and highly efficient procedure from a computational
perspective.
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ABSTRACT 
In the field of experimental aeroacoustics in wind tunnel, the number of existing methods is important and is 
increasing continuously so that it becomes difficult for Industrials to have a clear view of the respective 
advantages of each of them and make appropriate choice. Benchmark works are also plentiful and often focus 
on the performance of these methods in terms of spatial localization and computing time, more rarely in terms 
of quantitative estimation. We are interested here by these deconvolution methods that we aim to classify, 
and even to show in what extent all of these methods are equivalent. The approach adopted is to define a 
common protocol for controlling and monitoring the different algorithms: define same initial condition, same 
convergence parameters and same exit conditions. All of the considered deconvolution algorithms are 
implemented with respect to the same protocol. Convergence and calculation time are monitored at each 
frequency. Finally acoustic power of source area are extracted from the resulting maps and compared together. 
Indeed, it is observed that within the range of few dBs the results are quite similar and we propose to classify 
the algorithms with their equivalent Lp-norm minimization function. 
 
Keywords: Microphone array technique, Deconvolution, Aeroacoustics, Wind tunnel measurements, 
Airframe noise 

1. INTRODUCTION 
Aeroacoustic measurements based on acoustic arrays in wind tunnels can provide a detailed 

understanding of complex noise sources. In particular for airframe noise in aeronautics, wind tunnel 
tests help to investigate new aircraft concepts, verify performance of innovative designs and validate 
prediction models. Indeed, thanks to increasing computational power, more and more CFD models are 
used in design phases, and wind tunnel testing is the ultimate way to validate these models long before 
the aircraft can actually fly. However, wind tunnel testing is often very expensive and must be 
performed efficiently to get the most out of the limited testing time.  

Microphone array techniques provide a considerable amount of data from which it is possible to 
extract valuable information on the origin of sound such as location or power of acoustic sources. The 
most common microphone array method is certainly the conventional beamforming algorithm (CBF 
[1], also known as “delay-and-sum” [2]) because of its simplicity, robustness and computational 
efficiency. However it suffers from a lack of resolution in the low frequency range and from the 
inability to properly quantify the source power, especially in the case of  complex source distributions 
like those generally encountered in aeroacoustics. These drawbacks have been tackled in the 2000’s 
with advanced beamforming-based algorithms such as deconvolution techniques. In the field of 
experimental aeroacoustics in wind tunnel, the number of existing deconvolution methods is important 
(Clean-PSF [3], DAMAS [4], SEM [5], Clean-SC [6] and NNLS [7], and the many derived versions). 
All of these methods in fact share the same theoretical basis. Indeed the physical model is the same 
and the techniques only differ from the final inversion algorithm, while, in aeroacoustics, the model 
in general assumes an uncorrelated monopole distribution in free field [8].  

We are interested here by these deconvolution methods that we aim to classify, and even to show 

                                                        
1 christophe.picard@microdb.fr  
2 quentin.leclere@insa-lyon.fr  
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in what extent all of these methods are equivalent. The approach adopted is to define a common 
protocol for controlling and monitoring the different algorithms: define same initial condition, same 
convergence parameters and same exit conditions. The DLR1 case (Dornier-728 half model) [9] taken 
from the Array Analysis Benchmark [10] is used. All of the already mentioned deconvolution 
algorithms are implemented with respect to the same protocol. Convergence and calculation time are 
monitored at each frequency. Finally acoustic power of source area are extracted from the obtained 
maps and compared together. Indeed, it is observed that within the range of 1-2dB the results are quite 
similar and we propose to classify the algorithms with their equivalent Lp-norm minimization function.  

2. MICROPHONE ARRAY TECHNIQUES 

2.1 General principles 
Many acoustic imaging techniques have been developed over the past 30 years. These techniques 

have in common the formalization of the theoretical problem which is to estimate the position and 
power level of acoustic sources from pressure measurements on a microphone array.  

The principle of identifying sources consists in positioning a microphone array facing the object 
to study and try to locate the main noise areas through specific processing of microphone signals, 
based on a source model chosen a priori. For aeroacoustic applications, the usual hypothesis is to 
assume that the phenomena are well represented by a distribution of uncorrelated monopoles [8]. This 
can be justified by the fact that the pressure correlation scales are lower than the spatial resolution of 
the method in general. One then seeks the model adequacy to the measurement data. 

One distinguishes far field and near field zones of the array (respectively Fraunhofer and Fresnel 
zones). It is admitted [8] that it is advantageous to measure a source in the near field of the array, in 
particular to overcome the background noise. The source emission is then spherical and one performs 
a focused array processing where the position of the source is sought, that is to say the emission center 
of the spherical wave. This model is the most commonly used (in aeroacoustics anyway) and usually 
provides interesting and useful results. But it must be noticed that this is an approximation of the 
propagation model and that the differences between the actual acoustic propagation and  the 
propagation model can result in errors, especially on the source amplitudes.  

In practice, one chooses a region of the scan area, where the presence of sources is sought for. For 
practical reasons linked to mechanical design, one generally arrange the microphones on a plane. For 
a typical 2D configuration, an area of candidate source points is then defined in a plane parallel to the 
microphone array. 

2.2 Expression of the direct problem 
By solving the wave equation in the frequency domain for a source in an open field and discretizing 

the solution, the complex pressure vector   received at the  microphones of the array at 
frequency  can be expressed as: 

G , (1) 
where  is the complex amplitude of a source at point  and G  is the Green function vector 

 in free space between the source and the microphones  at points , . The frequency 
dependence of the equations is omitted in the notation of this paper.  

In the presence of strong background noise perturbation, as often it is the case in aeroacoustics, it 
is wise to proceed with ensemble averages in the frequency domain, assuming stationarity property of 
signals. For this, one uses the cross spectral matrix (CSM) of the measured signals on the array, matrix 
of complex values, expressed as: 

, (2) 
with  designating the ensemble average and the superscript  being the Hermitian complex 
conjugate operator. 

Applying this to equation (1), in the presence of  sources and assuming uncorrelated source 
model, i.e. incoherent sources, leads to the following expression of the modelled CSM:  

G G , (3) 
with  being the power spectral density of the sources at each considered point . Methods 
considering other source models also exist, see [11] and [12] for a review. 
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2.3 Expression of the inverse problem 
Starting from equation (3), the sound source identification consists in the estimation of the power 

spectral density of the sources knowing the measured CSM  (measured pressure signals on the 
array). This is an inverse problem that can be solved using a classical optimization procedure. For 
that, an objective function - error function or cost function - is defined, traducing the adequacy of the 
model to the measurement data. A L2-norm is chosen here to quantify the difference between the 
measured CSM and the modelled CSM, i.e.:  

. (4) 
The objective is then to minimize this cost function by considering its gradient regarding the 

unknown, i.e. searching an estimation of unknown  satisfying: 

 or , subject to  for all considered candidate source point . (5) 

All deconvolution methods intend to solve the optimization problem (5), or close forms of it.  What 
differentiates them lies in the algorithms that are implemented to find a solution. The conventional 
beamforming method and general principles of deconvolution methods are presented hereafter. 

2.4 Conventional Beamforming method 
The most commonly used method in the industry for the identification of acoustic sources is the 

conventional beamforming (CBF) for which an estimate of the power spectral density is searched for 
each source point scanned one after the other among the chosen set of candidate points. This means 
considering the following modelled CSM : 

G G . (6) 
Deriving the optimization procedure leads to the following estimate of the source power spectral 

density  at the considered scan point  : 

w w , (7) 
where w G G G  is viewed as a spatial filter. 

In the case of a unique real source at point , the linear regression determines  is the best 
estimation of the power spectral density of the real source [8]. 

2.5 Deconvolution methods 
The conventional beamforming method suffers from severe limitations. The beamforming process 

in fact performs a spatial convolution between the true source distribution and the response of the 
array to a unique point source, called Point Spread Function, PSF, whose shape depends on the number 
of microphones, their spatial arrangement, the frequency and the relative position of the center of the 
array to the scan point. This generates artefacts as main lobes, side lobes and grating lobes that po llute 
the resulting source map. These non-physical artefacts may render physical interpretation difficult. 
The PSF at point  due to a source at point  can be expressed as:  

R w G G w w G . (8) 
It is then possible to express the CBF result  as a product of the array directivity pattern R  

and the true power spectral density :  
R . (9) 

Considering a set of  candidate points the CBF map result,  vector , is expressed as 
the product of the complete PSF, i.e.  matrix R, and the  vector of source candidates 

, thus forming a second linear system assuming incoherent sources (also called in the field as the 
DAMAS problem [4]): 

R , (10) 
which requires a second inversion method of a linear system. The special feature of equation (10) thus 
obtained is that all terms of the system are real and positive. A positivity constraint thus has to be 
considered on the unknowns . 
It is necessary to introduce here a quantity used in the optimization algorithm, called the residue and 
defined by : 

R . (11) 
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It is interesting to note at this point that starting from equation (4) but considering all  scanned 
points at once, i.e. considering equation (3) for the modelled CSM instead of equation (6) (as for 
conventional beamforming), Blacodon and Elias [5] derived the optimization process (as shortly 
described in section 2.3), and resulted in the same linear system to be solve as equation (10). 
A fundamental question arises about this problem. Indeed some consider a linear system and others a 
quadratic system (nonlinear), both under constraint, depending on considering the unknown vector  
as linear or as a quadratic quantity, what it is physically. This question has no answer within the 
community to our knowledge, and should have a consequence on the choice of solving algorithms. 
Whatever, it is expected that the positivity constraint has a strong regularizing effect and tends to 
foster sparsity of the solution. Thus any algorithm used in applied mathematics should find 
equivalently a local minimum even without any penalty (regularization). 

To overcome artefacts due to the directivity of the array, the deconvolution process consists in two 
steps: 1/ estimate the CBF result at each point of the chosen scan grid with  equation (7) and 2/ estimate 
the source power density taking into account all the scanning points  at the same time by solving 
equation (10), iteratively in general. 

2.5.1 Approach adopted  
For this study, we consider 5 deconvolution algorithms: Clean-PSF [3], DAMAS [4], SEM [5], 

NNLS [7] and CIRA [13]. Even if Clean-SC [6] is one of the most popular deconvolution methods in 
the field of aeroacoustics, it isn’t considered here because it differs from the others in the sense that 
it modifies steering vector during the iterative process. Note that for SEM, the selected algorithm is a 
simple Conjugate Gradient (easier to modify) as chosen initially (CONMIN) and instead of LBFGS 
as finally proposed by the authors. 

The implementation in an industrial context of this type of algorithm requires a lot of attention in 
particular with regard to the initial condition, the management of convergence and positivity 
constraint, and the exit conditions of the algorithm. Our experience is that the initial condition have 
no important impact on the convergence speed and the result, the final map. On the other hand 
management of convergence and exit conditions of the algorithm have a more crucial impact. 

There are also other implementation tricks useful for aeroacoustics (CSM diagonal removal (DR), 
consideration of convection effects on acoustic propagation (Amiet)) that are actually applied in this 
work. Note that the DR option requires consistent operations to be applied in the algorithm, 
particularly with regard to the positivity constraint to be applied to the initial CBF map or to the 
positive matrix R. All of these implementation details are not detailed in this publication. 

After a literature revue on the methods and algorithms, the approach adopted, based on making 
compromise and synthesis, is to define a common protocol for controlling and monitoring the chosen 
algorithms during the different parts of a deconvolution algorithm: 
 initial condition 

There’s two options for the initial map (also called clean map in C lean-PSF): either set to zero or 
initialized by the CBF map, possibly renormalized. In the literature, the initial map is set to zero 
or to the CBF map. For all algorithms we choose here the first option for the sake of consistency 
between algorithms, because Clean-PSF algorithm can’t support the other choice. 

 management of convergence 
We are talking about the convergence parameter which can be called sometimes relaxation 
parameter, step factor, loop factor or energy injection factor, and about the positivity constraint.  
Convergence parameter is certainly the most delicate part to settle in this work because the chosen 
algorithms consider this kind of parameter in very different ways. SEM (CG) and NNLS contain 
a convergence parameter that is automatically calculated at each iteration. The convergence 
parameter for CIRA is defined once at each frequency but several options exist. And, finally, 
Dougherty proposed to integrate a convergence parameter in Clean-PSF to counteract somehow 
the spatial extent of aeroacoustic sources, parameter settled empirically (typically between 0.1 
and 0.25). In the end, harmonization between algorithms is not feasible and we choose to apply 
the best/optimized know-how concerning the convergence parameter, for the algorithms that 
require a user defined choice.  
Imposition of positivity is an absolute necessity for our deconvolution methods. The most 
consistent option is to zero all negative solutions founded in the map at each iteration. It was 
possible to impose this constraint on all the algorithms chosen in this work.  

 exit conditions of the algorithm 
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This is the most confusing part encountered in the bibliography or even the less well documented. 
There is no consensus on this issue. In summary we usually find two associated criteria for the 
exit of the algorithm: an energy criterion and a maximum number of iterations, a safety condition 
that sets the limit of the exit condition. In terms of energy criterion we can list non-exhaustively 
the following conditions. We then propose to evaluate in this work the following energy criteria 
at each iteration : 

 the L0-norm of the resulting map (clean map), called here , 
 the L1-norm of the clean map, called here . Note that because of the quadratic nature 

of the physical quantity to identify, this represents in fact the squared L2-norm of the 
source level in the map, 

 the L2-norm of the clean map, called here , 
 the value of the cost function (equation (4) at iteration ) , eventually normalized by 

the energy in the CSM , i.e. . A special care must be taken 
in case of DR option is selected, for the calculation of , 

 going back to the optimization procedure (§2.3), a local minimum can be founded when 
equation (5) is satisfied. In Fact equation (5) is equal to the residue (equation (11)), 
expressed in the iterative process as R . Then the L2-norm of the residue, 
defined by , can be used.  

The question of defining a relevant threshold for each criteria then arise. Threshold values of 
energy criteria are often chosen empirically. To try to clarify this question, the solution adopted 
here is to observe also the evolution of the criteria between two successive iterations, i.e. for 
example .  

Reminding that it is expected to compare and classify the 5 algorithms, following a (as much as) 
common and global protocol, it seems necessary to consider also the industrial process of analyzing 
acoustic imaging results. Indeed, in general, engineers are interested in the integrated source power 
on areas related to components to optimize. That’s why it is decided to monitor also the source power 
integrate in the following areas [9]: FLAP INT, SLAP INT and FLAP TIP. It defined finally all the 
criteria we have monitored in this study (next section). 

All of the considered deconvolution algorithms are implemented with respect to the same pseudo-
code. 

2.5.2 Modus operandi adopted 
The study is composed of two parts. Firstly the chosen algorithms will be monitored for several 

discrete frequencies: 2021Hz, 3018Hz, 4394Hz, 5010Hz, 6006Hz, 7002Hz and 8496Hz. A maximum 
number of iterations is fixed arbitrarily from 200 in the lowest frequency band to 100 in the highest) 
and the energy convergence criteria (previous section) are monitored at each iteration. The objective 
is to observe the behavior of each algorithm and try to identify the most relevant exit criteria for each 
algorithm, finding supposed local minima. Then, secondly, more complete calculation will be done in 
third octave bands and integrated energy on defined areas will be compared.  

3. IMPLEMENTATION 

3.1 Test case description 
The test case selected here is the AIAA array analysis benchmark case DLR 1, Aircraft Half Model 

in closed wind tunnel. This benchmark problem consists of a test configuration with a Dornier -728 
half model of scale 1:9.24 in high-lift configuration (landing) placed in the center of the cryogenic 
wind tunnel at the DLR Kryo-Kanal Koeln (DNW-KKK), refer to [9] and [10] for a more complete 
description of the test case. 

The microphone array has a diameter of 1 m and is composed of 135 microphones arranged in 
spiral arms mounted onto the sidewall. The sampling frequency of microphone signals is 120 kHz.  

The benchmark data is acquired for 9 couples of parameters: 3 model angles of attack (3°, 5° and 
9°) and 3 free stream velocities (Mach numbers M=0.15, 0.2 and 0.25) during 30 seconds each. The 
region of interest of the half model, defined in the frame of the benchmark, is a 1.05 m x 1.45 m 
observation plane at a distance of y = 1.045 m (position of the wing root) from the microphone array.  

Three grid resolutions of the source maps have been proposed in the frame of the benchmark: 1 
cm, 2 cm and 5 cm leading to different numbers of equidistant scanning points respectively of 15476, 
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3869 and 660.  
In this paper, results for the case of M=0.25 (88m/s) and 3° angle are presented, for a grid of 2 cm 

resolution (3869 points). 

3.2 Algorithms monitoring 
The adopted mode of analysis of all the results begins with the observation of the source power by 

area. Indeed, in general, we observe a relatively rapid convergence on these quantities [4]. We then 
deduce a number of iterations that could be considered as sufficient or satisfying a convergence 
criterion (to be determined). We note that the source powers by area are quite coherent between them 
from one algorithm to another. Then we observe the criteria L0, L1 and L2 (calculated on the source 
map at each iteration) and finally the relevant criteria on the value of the functional and on the residue.  

Not surprisingly, two groups of algorithms are identified. The first (view as a L2-norm class of 
algorithm) composed of CG (SEM), CIRA and NNLS (very close but with NNLS a little more sparse) 
and DAMAS (even more sparse) and the other group (view as a L1-norm class of algorithm) composed 
of Clean-PSF which provides the sparsest maps (often impossible to visualize). The degree of sparsity 
is observed with criterion L0 which always decreases for the first group and always increases for the 
second, as expected. Thus, CG(SEM), CIRA and NNLS find a variable number of sources depending 
on the frequency. This is not the case for DAMAS and Clean-PSF (see Figure 1). 

Figure 1 – Evolution of criteria L0-norm (left) and L1-norm (right) over frequencies at a converge 
state (judged as such). 

L0-norm criterion is never used as an exit conditions of a deconvolution algorithm as far as we 
know. Although imposing a number of lighted source points is difficult to conceive for engineers, the 
number of sources being unknown a priori and can be one of the unknowns of the problem, we observe 
a great similarity of the visual representation by doing so. Figure 2 shows maps calculated at 8496Hz 
imposing a number of visible source around 360 (determined according to the power level dynamics) 
for CG(SEM), CIRA and NNLS algorithms. It is interesting to note then that the number of iterations 
is quite different, respectively 100, 26 and 10. This highlights the intrinsic tendency to sparsity  of 
each algorithm.  

Criterion L1 is interesting to observe: there is generally fast convergence towards a stable value 
but whose value depends on the frequency. Similarly, criterion L2 is always increasing with 
asymptotic behavior. It's interesting regarding the number of sources: for the first group the more 
iterates, the less we have enlightened source points, the more we tend towards sparsity but the energy 
of the map increases slightly. We therefore operate a concentration of energy on identified source 
points. For the other criteria, we observe a relatively good consistency of the  criterion for DAMAS 
and  for CG(SEM), CIRA, NNLS and even Clean-PSF. But the evidence is less clear than for 
L1-norm criteria. 

Generally, we therefore observe the regularizing effect and the tendency to sparsity of the positivity 
constraint with a gradation toward sparsity from CG(SEM), CIRA, NNLS, DAMAS to Clean-PSF. In 
our view, the effect is essentially of the order of the visualization of the maps because the powers per 
areas are consistently estimated between the 5 algorithms. 

The analysis of those criteria showed that it is difficult to define common thresholds for all 
algorithms and each energy criterion defined in §2.5.1. However the evolution of the criteria  over 
iterations seemed more suited to that. Thus we finally selected commonly to the 5 algorithms three 
criteria and defined three thresholds constant on the frequency band. Indeed, the intention was to drive 
the algorithms in the most unified way and the thresholds have been chosen the least restrict ive so as 
to be suitable for all algorithms over a wide frequency band. The choice of the three criteria was based 
on the greatest representativeness of the quantities of interest of the problem (refer to §2.5.1): 
adequacy of the model to the measurement on the array ( ), source map energy considering 
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the physical quantity of interest ( ) and minimization of the residue error in the 
convolution problem ( ).  

Then it has been possible to roll out the calculations throughout the complete frequency band.  

   
Figure 2 – Comparison of maps obtained using CG(SEM) (left), CIRA (middle) and NNLS (right) 

algorithms by imposing a fixed number of lighted source points (~360) at 8496Hz . 

3.3 1/3 octave calculation analysis 
Calculations were done on the third octave bands from 2kHz to 8kHz, monitoring the source power 

levels on the three areas defined on the map (FLAP INT, SLAP INT and FLAP TIP), the average 
iteration number and the average CPU time each per third octave band. 

  
Figure 3 – Source power level par area (FLAP INT left, SLAP INT in the middle and FLAP TIP in 

the right).  

The behavior already observed during fine-band calculations for monitoring (§3.2) is confirmed 
with third octave calculations: the source power level per area is quite well uniformly founded by 
each algorithms (figure 3), within the range of few dBs, while the visual representation of the source 
map is very different, highlighting the nature of each algorithm in terms of sparsity representation of 
the sources. Only the CLEAN-PSF algorithm deviates from the general trend. We believe that this is 
not due to the intrinsic nature of the algorithm, its natural tendency to sparsity (L1-norm class of 
algorithm). The experience gained during this study indeed encourages us to think that the iteration 
number is not enough high. In other words, the exit conditions defined in a common way to all the 
algorithms are not restrictive enough for this algorithm. It may well be that the differentiation of the 
algorithms adopted in this work (L2-norm class vs. L1-norm class) is not valid in the end. 

Concerning the average iteration number and the average relative CPU time per third octave band 
observed during calculations, we see that they are relatively independent of frequency excepting for 
DAMAS. Note that CPU time is calculated relatively to the CBF CPU time calculation.  The 
monitoring also indicates that sparsity of the source model has a computational cost . 

4. CONCLUSIONS 
With the aim of classifying the microphone array deconvolution methods in aeroacoustics, a 

common protocol for controlling and monitoring the different algorithms selected has been defined 
and applied to a use case taken from the Array Analysis Benchmark (DLR1).  

We actually observe that the necessary positivity constraint of the deconvolution problem 
considered here has a strong regularizing effect and tends to foster sparsity of the solution. Thus the 
5 selected algorithms coming from applied mathematics find equivalently sound power levels on areas 
defined in the source map for industrial analysis process, both in fine band as in third octave band. 
This is a comforting result that must convince engineers that when we want to solve an inverse 
problem, the most important is not the choice of the algorithm as such but rather the way we define 
the inverse problem and the way the algorithm is controlled. Thus the classification of the algorithms 
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deduced from this work lies in the sparsity of the obtained source model (and of its consequence in 
terms of visual representation) and in the computation time. The intuition of the classification of the 
algorithms on the Lp-norm nature is not demonstrated, for the selected algorithms and with the applied 
protocol. 

The importance of the algorithm exit conditions is highlighted through this work. The intention to 
drive the algorithms in the most unified way (on the threshold choice at least) probably does not make 
much sense except for the demonstration proposed here. A more rigorous study of the convergence of 
the deconvolution algorithms should be done now. 

Finally, we must also keep in mind that the observation conducted in this work may probably be 
strongly linked to the test case itself. Thus for a generalization of the conclusions, it is necessary to 
apply this protocol to others aeroacoustic use cases. 
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ABSTRACT 
Identification of sources with complex directivities is attracting great attentions in aeroacoustic 
measurements these years. A multipole orthogonal beamforming algorithm was proposed to identify 
multipoles with arbitrarily oriented axes with no prior knowledge about source types. Independent sources 
were separated by the eigenvalue decomposition of the cross spectral matrix of signals measured by 
microphone arrays. The influence of source directivities on source imaging was eliminated by normalizing 
and squaring the eigenvectors. The delay-and-sum procedure was performed on each modified eigenvector to 
localize sound sources. The proposed algorithm was verified by simulations and experimental trials using a 
combination of a loudspeaker and an Aeolian tone dipole source. The accuracy of estimated source positions 
is improved and the resolution of the proposed algorithm is comparable to that of deconvolution approaches. 
 
Keywords: Aeroacoustic measurements, Beamforming, Multipole sources 

1. INTRODUCTION 
Beamforming techniques have been widely applied to identify aeroacoustic noise sources such as 

airframe noise, airfoil noise and broadband fan noise(1-3). Most delay-and-sum beamforming 
algorithms and deconvolution approaches use source models of monopoles and produce source 
imaging by compensating for the phase delay between assumed sources and microphones(4). 
However, most aeroacoustic noise sources have non-uniform directivities and are often analogous to 
multipole sources. For example, sources arising from flow-body interactions have a two-lobed 
directivity pattern and are analogous to dipole sources. Beamforming methods based on the 
monopole model may lead to incorrect estimations of positions of aeroacoustic sources with complex 
directivities. 

Studies on beamforming methods for multipole sources have been carried out over recent years. 
Schmidt et al. presented the multipole-detection algorithm based on the conventional 
beamforming(5). It replaced the steering vector with a ‘steering matrix’ whose columns correspond 
to sources of different types. Pre-defined source types and orthogonal radiation patterns were 
required. A beamforming method for directional sources was proposed by Bouchard(6), in which the 
source model based on the spherical harmonic expansion is used and a set of ‘sub-beamformers’ is 
defined to response to different spatial modes of a source. The prior knowledge of source positions 
was required. The L1 generalized inverse beamforming method was introduced by Suzuki(7). It 
obtained eigenmodes through the eigen decomposition of the cross spectral matrix of array signals 
and reconstructed the source distribution using generalized inverse techniques. The method was 
restricted to pre-defined monopoles and multipoles whose orientations were on the plane parallel to 
the array.  

The objective of this study is to develop a beamforming algorithm that is capable of estimating 
the positions and strengths of multipole sources without knowing their types or orientations. The 
basic idea of the orthogonal beamforming is used that individual eigenvalues and eigenvectors of the 
signal subspace are linked to sources or source mechanisms(8). This idea is further extended that 
these eigenvectors also contain information of source directivities. Normalization and square 
operations on the eigenvectors can remove the influence of source directivities on source imaging. 

The outline of the paper is as follows. After the introduction, the multipole orthogonal 
beamforming is presented in Section 2. Simulation results are discussed in Section 3. The proposed 
                                                        
1 xj_pan@sjtu.edu.cn 
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method is verified by experimental trials using a loudspeaker and an Aeolian tone dipole setup in 
Section 4. Conclusions are drawn in Section 5.  

2. THE MULTIPOLE ORTHOGONAL BEAMFORMING 

2.1 Modeling the sound field 
An array with Nmic microphones is used for measurements. In the presence of a single multipole 

source, the sound pressure p measured by the i-th microphone at xi is  
 0( ) ( , , ) ( )i i s sp a q=x x x x x ,  (1) 
where q is the sound pressure at a reference position x0 radiated from that source. Generally, the 
center of the microphone array is chosen as the reference position on the premise that q does not 
approach zero. For a free sound field, the transfer function a is related to the source directivity and 
the source positon and is given by 

 0j ( )0
0

0

( , , ) ik r ri
i s

i

r Fa e
r F

− −=x x x ,  (2) 

where ri = |xs - xi| indicates the distance between the source position and the microphone position. r0 
= |xs - x0| represents the distance between the source position and the reference position. Fi and F0 
are the directivity functions at the i-th microphone and the reference position. The directivity 
function is related to the source type and the space angle. 

For Ns multipole sources with various directivities, the vector of sound pressures measured by the 
microphone array is given by  
 = +p Aq n ,  (3) 
where the Nmic-by-Ns matrix A is the transfer matrix whose elements are transfer functions described 
by Eq. (2). The noise signal n is assumed to be uncorrelated to source signals.  

The cross spectral matrix of array signals can be written as 
 H{ }E=C pp ,  (4) 
where E{} represents the expectation operator and H donates the conjugate transpose. Since the 
cross spectral matrix is non-negative definite and Hermitian, it can be decomposed as 
 H=C UΛU ,  (5) 
where U is a unitary matrix whose columns are eigenvectors of the cross spectral matrix C. Λ is a 
diagonal matrix whose diagonal elements are eigenvalues λi of the cross spectral matrix. 

2.2 Descriptions of the algorithm 
It is assumed that the multiple sources to be identified are mutually incoherent and spatially 

orthogonal(9), and background noise is uncorrelated to source signals. Therefore, the eigenvectors of 
the cross spectral matrix of array signals can be divided into two parts, including the signal subspace 
spanned by the first Ns eigenvectors and the noise subspace spanned by the rest. According to the 
orthogonal beamforming, eigenvectors of the signal subspace are linked to sound sources or source 
mechanisms. Information of directivities and positions of sources is contained in the eigenvectors, 
and the eigenvalues contain information of source strengths.  

To eliminate the influence of source directivities on source imaging, elements of the unitary 
matrix U are all normalized and squared as 

 2( )
| |

ij
ij

ij

u
v

u
= ,  (6) 

where uij is the j-th element of the i-th eigenvector of the cross spectral matrix. A modified matrix 
composed of elements vij is generated as V = [v1, v2…vNmic], where vij is the (i, j)th element. The 
normalization procedure aims to remove amplitudes of directivity functions contained in sound 
pressures. Because the directivity functions may be negative and increase the pressure phase by π, 
the normalized elements are squared to compensate for the phase change. As a result, the signal 
subspace is transformed into a subspace exclusive of source directivities. The first Ns modified 
eigenvectors are then used to localize the multiple sources.  

Using each eigenvalue λi and the corresponding modified eigenvector vi, a matrix Di = λi vi vi
H 

can be calculated. The matrix is used to generate a beamforming map as 
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 H( ) ( ) ( )i j j i jB =ξ h ξ D h ξ .  (7) 
where ξj is the j-th grid point on the scanning plane. h is the steering vector whose i-th component 
satisfies  

 02 j ( )1
ik r r

i
m

h e
N

− −= .  (8) 

Compared with the steering vector of the conventional beamforming, the phase of each element of 
the modified steering vector is twice larger because the square procedure described by Eq. (6) 
enlarges the pressure phase. Source strengths estimated by Eq. (7) are much smaller than real ones 
because the normalization procedure in Eq. (6) changes the amplitudes of sound pressures. This 
underestimation can be corrected by compensating for the amplitudes as 

 
H

H( ) ( ) ( )i i
i j j i j

m

B
N

=
u uξ h ξ D h ξ .  (9) 

The source map generated by Eq. (9) corresponds to a single multipole source. The highest peak 
in the map is estimated as the source position. For a better resolution, the map is replaced by a ‘clean 
beam’ as 

 
2

max

_ max( ) 10 j

i j iQ B α− −= ξ ξξ .  (10) 
The beamforming output of all the multipole sources is given by 

 
1

( )= ( )
sN

j i j
i

Q Q
=
∑ξ ξ .  (11) 

The number of sources Ns can be assessed by using the criterion of ‘entropic L-curve’ (10) or other 
criteria based on the estimated eigenvalues.  

3. NUMERICAL SIMULATIONS 
In this section, two simulation cases were conducted to analyze the properties of the multipole 

orthogonal beamforming. The first simulation case was to identify four quadrupoles with different 
orientations. It was designed to evaluate the performance of the algorithm on localizing multipoles 
of the same type. The second one was to identify two quadrupoles and two dipoles with different 
orientations. Its purpose was to investigate the capabilities of identifying multipoles of different 
types. Beamforming results were compared with some existing algorithms including the 
conventional beamforming (CB)(4), CLEAN-SC(11) and the orthogonal beamforming (OB)(8). 

3.1 Generation of simulation data 
In the first simulation case, four quadrupoles at the frequency of 4000 Hz were placed on the y-z 

plane as shown in Figure 1(a). Generated sources in the second case were at the same frequency and 
set on the same positions as shown in Figure 1(b). An array of 56 microphones was installed in a 
distance of 1m away from the source plane with the array center located on the x-axis. Relative 
positions of the microphones and sources were shown in Figure 2. A 0.6m × 0.6m scanning plane 
was set on the y-z plane with 0.02m spacing and 1681 grid points. 

 

  
(a)                      (b) 

Figure 1 – The directivities of multipole sources in simulations. Case 1 (a) contained four quadrupoles and 
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Case 2 (b) contained two dipoles and two quadrupoles. 

 

Figure 2 – The schematic representation of the simulation setup: the × symbols denote the positions of 

microphones and the red circles denote the positions of sources. The microphone array was set parallelly 

1m away from the source plane. 

3.2 Results and discussions 
Source maps of the first case produced by using four beamforming algorithms are shown in 

Figure 3. Beamforming patterns of quadrupoles generated by CB are all separated into two side lobes 
with small outputs in real source positions. Positions of sources estimated by CLEAN-SC and OB 
deviate from the correct ones considerably although their beamforming patterns are focused. The 
inaccurate estimation of source positions is influenced by source directivities. The directivity 
functions of quadrupoles act as weighting parameters in the beamforming procedure. The steering 
vectors of beamforming algorithms based on the monopole model only consider the influence of 
measurement distances and cannot compensate for the directivity functions. Consequently, 
beamforming outputs are not only determined by the phase delay between assumed sources and 
microphones but also influenced by the amplitude variance caused by source directivities. It leads to 
a distorted source map. The multipole orthogonal beamforming eliminates the amplitude difference 
and recovers the source map by normalizing and squaring elements of eigenvectors. A small 
deviation may be caused by the decomposition procedure. 

Source strengths estimated by the four beamforming algorithms are nearly the same. However, 
different from a monopole source, sound pressures radiated from a multipole source are not only 
related to the source strength and the measurement distance but also the directivity function and the 
space angle. Microphone arrays placed at different space angles may output different source levels. 
It impedes the further investigation of the nature of sources. Further research on the estimation of 
absolute source strengths is needed. 

 
(a)                       (b) 
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(c)                       (d) 

Figure 3 – Source maps of four quadrupoles with different orientations produced by four beamforming 

algorithms, including (a) CB, (b) CLEAN-SC, (c) OB and (d) the multipole orthogonal beamforming. 

 
Source maps of two dipoles and two quadrupoles in the second case are shown in Figure 4. 

Similarly, beamforming algorithms based on the monopole model lead to an inaccurate estimation of 
source positions. The deviation is related to the types and orientations of sources. For dipole sources 
with their axes closer to the normal of the microphone array, the source positions are estimated more 
accurately. The proposed multipole orthogonal beamforming can still localize the sources accurately 
regardless of their types and orientations.  

 
(a)                       (b) 

 
(c)                       (d) 

Figure 4 – Source maps of two dipoles and two quadrupoles with different orientations produced by four 

beamforming algorithms, including (a) CB, (b) CLEAN-SC, (c) OB and (d) the multipole orthogonal 

beamforming. 

4. EXPERIMENTAL VERIFICATION 
Experimental trials were conducted to investigate the performance of the multipole orthogonal 

beamforming in a more practical environment. The experimental setup was shown in Figure 5(a), 
including a microphone array, a loudspeaker, a 4mm circular cylinder and an air duct. The open jet 
flow produced by the air duct was around 35 m/s. An Aeolian tone dipole source could be induced by 
the flow over the circular cylinder. The loudspeaker was set above the cylinder and had a uniform 
directivity as a monopole source. The microphone array was installed parallel to the flow direction in 
a distance of 0.5 m.  

Two cases were tested when the circular cylinder was parallel and vertical to the ground, as 
shown in Figure 7 (b) (c). In theory, the oriented axis of the Aeolian tone dipole source is 
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perpendicular to the plane composed of the flow direction and the cylinder. Therefore, the dipole 
axis was respectively parallel and vertical to the array in Case 1 and 2. It is well established that the 
Strouhal number St = fD/U is approximately equal to 0.21 for the flow around a circular cylinder, and 
the dipole frequency equals the vortex shedding frequency when the Reynold number Re is more than 
5000. For this experimental setup, the flow velocity was around 35 m/s, and the corresponding source 
frequency was 1835 Hz. Given that the flow velocity was unsteady, a 1/3 octave band centered at 2000 
Hz was analyzed. Four beamforming algorithms were applied and compared, including CB, 
CLEAN-SC, OB and the proposed multipole orthogonal beamforming. 

   
(a)                           (b)                        (c) 

Figure 5 – The experimental setup to produce an Aeolian tone dipole source and a monopole source. (a) 

shows the trial facilities. (b) shows the setup for Case 1, which produces a dipole whose axis parallel to the 

array. (c) shows the setup for Case 2, which produces a dipole whose axis vertical to the array. 
 

Sound maps of the first case are shown in Figure 6. For the dipole source whose axis parallel to 
the array, CB, CLEAN-SC and OB all produce distorted beamforming patterns. The beamforming 
pattern of the dipole source is separated into two side lobes with a small output in the real source 
position. It is easy to misinterpret this beamforming pattern as two individual sources. The multipole 
orthogonal beamforming localizes the dipole source accurately and the resolution is comparable to 
that of the CLEAN-SC algorithm. Source levels estimated by OB and multipole OB are 2 dB lower 
than the outputs of CB and CLEAN-SC. It is because side lobes contributed from the background 
noise have been removed by the eigenvalue decomposition. Source maps of the second experimental 
case are presented in Figure 7. All four beamforming algorithms estimate the source positions 
accurately. In this case, the dipole axis is vertical to the microphone array and the dipole source 
looks like a monopole source from the array direction. Directivity functions of the dipole source over 
the microphone array vary a little and have a negligible influence on source imaging. 

In general, the impact of source directivities on source imaging can be eliminated by the 
normalization and square operation described by Eq. (6). The multipole orthogonal beamforming can 
localize multiple independent multipole sources regardless of their types and orientations. This 
algorithm can be applied to identify airframe noise sources or airfoil noise sources in the wind tunnel, 
which have complex directivities. 
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(a)                             (b) 

 
(c)                             (d) 

Figure 6 – Source maps of a monopole source and an Aeolian-tone dipole whose axis parallel to the array. 

Maps are produced by four beamforming algorithms, including (a) CB, (b) CLEAN-SC, (c) OB and (d) the 

multipole orthogonal beamforming. 

 
(a)                             (b) 

 
(c)                             (d) 

Figure 7 – Source maps of a monopole source and an Aeolian-tone dipole whose axis vertical to the array. 

Maps are produced by four beamforming algorithms, including (a) CB, (b) CLEAN-SC, (c) OB and (d) the 

multipole orthogonal beamforming. 

5. CONCLUSIONS 
A new beamforming method was developed to identify multiple independent multipole sources 

regardless of their types or orientations. Compared with beamforming algorithms based on the monopole 
model, the multipole orthogonal beamforming estimates positions of multipole sources more accurately, 
especially when the source axis deviates from the normal of the microphone array. Compared with other 
multipole beamforming algorithms, it needs no prior knowledge of source types, orientations or positions. 
The resolution of this algorithm is comparable to that of deconvolution approaches with moderate 
computational effort. Further research can be conducted on the estimation of source types and absolute 

6259



 

 

source strengths. 
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ABSTRACT 
In the R&D framework on sodium water heat exchangers, a monitoring technique based on vibration 
measurements is developed for detecting a leak of water into the sodium. However, leak-induced vibrations 
could be smeared in the ambient vibrations. In order to increase the signal-to-noise ratio (SNR), the 
conventionnel and MaxSNR beamforming treatments have been considered. In order to study their efficiency 
for the present application, one has developed a laboratory mock-up composed by a pipe coupled to a 
hydraulic circuit through two flanges. The source to detect is a sound emitter introduced into the pipe whereas 
the background vibration noise is controlled by changing the speed of the flow. In parallel, numerical vibro-
acoustic tools were developed for predicting the vibratory response of the pipe excited by a monopole source 
or a turbulent boundary layer. These models allow us to realize virtual experiments mimicking the behavior 
of our laboratory test case. The virtual signals induced by the monopole source to be detected and by the 
turbulent flow are used for assessing the performances of the vibro-acoustic beamforming treatments. After 
a presentation of the vibro-acoustic models, we illustrate the array gain estimated using the virtual 
experiments for the two beamforming treatments. 
 
Keywords: beamforming, detection, pipe, vibro-acoustic modeling  

1. INTRODUCTION 
This paper describes the study of a non-intrusive vibro-acoustic beamforming technique aimed at 

the detection of sodium-water reactions in the steam generator of a liquid sodium fast reactor (SFR). 
Vibro-acoustic beamforming previously developed within a PhD thesis by J. Moriot is reconsidered 
[1]. Beamforming over an array of sensors is of main interest due to its ability to increase the signal 
to-noise ratio (SNR) of the chemical reaction signals, generally masked by the high power plant 
background noise. Thus, we can provide a quantitative estimation of the SNR increase at the 
beamforming output relative to the SNR on the reference sensor using the “effective gain”. From the 
detection on a threshold criterion at the output of beamforming (instead of the reference sensor), this 
gain allows the improvement of the detection rate while limiting the sensibility to false alarms. 
Moriot’s thesis showed promising results. However, the latter were obtained by on academic 
numerical test models (plate or infinite shell) or from experimental data at some harmonic frequencies 
[2]. New investigations have been carried out in the framework of the Kassab thesis in order to assess 
more accurately the interest of the vibro-acoustic beamforming for detecting an acoustic source inside 
a pipe. Numerical models of the pipe test section illustrated in the figure 1  have been developed. In 
these models, the coupling between the pipe and the flanges is described as well as the coupling 
between the pipe and the inner fluid (water). These models allows us to simulate the vibrations on the 
pipe excited, either by a monopole source or by a turbulent flow. These simulations allows us 
generating virtually the array signals due to the source to be detected (i.e. a monopole) and due to the 
background noise (i.e. turbulent flow). From these virtual signals, one can test different types of 
beamforming treatments and different physical/array parameters. In the section 2, one recal ls the 
principle of two types of beamforming treatments whereas the theoretical principles of the vibro-
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acoustic simulations are presented in section 3. An illustration of the  treatments of the virtual 
experiment data is proposed in section 4. 

 

  
Figure 1. Schematic representation of the configuration considered for assessing the performance 

of the vibro-acoustic beamforming 

2. CLASSICAL AND MAXSNR BEAMFOMRING  
In this section, one recalls the principle of two beamforming treatments that will be evaluated on 

the pipe test section through virtual experiments.   
Let us denote by  the cross-spectral matrix of the signals received by the array of sensors and by 

 the steering vector (i.e. spatial filtering vector) when the treatment focus at the position u of the 
detection space. The beamforming output,  is given by:  

 (1) 

Assuming that the source to be detected and the background noise are independent, we can 
decompose the matrix  as such:  

 (2) 

where  is the cross-spectral matrix of the signals induced by the source alone and is the 
cross-spectral matrix of the signals induced by the noise alone.  

 
When the background noise is spatially homogeneous and incoherent (i.e.  with  the 

identity matrix and , the power spectrum density of the background noise), it can be shown that the 
array gain is maximum when the steering vector is given by:   

(3) 

where represents the Euclidean norm and  is the vector containing the transfer functions 
between the (assumed) position u of the source and the antenna’s accelerometers (i.e. sensors).  

This beamforming technique relies on a prior knowledge of the source (through the transfer 
functions) as well as on the assumption that the noise would appear spatially incoherent. In the 
following, one refers as the classical beamforming for this treatment.  

 
The classical beamforming is widely used in the world for various applications. However, when 

the background noise is partially correlated (spatially), its  performances can be strongly deteriorated 
compared to those obtained when the noise is perfectly incoherent.  

To overcome this drawback, different variants of beamforming based on prior knowledge on the 
noise have been developed [3]. In particular, the so-called MaxSNR beamforming seeks to maximize 
the signal-to-noise ratio at the beamforming output, knowing the cross-spectral matrix of the noise.  
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The steering vector is then defined as follows:  

(4) 

  where  is the cross-spectral matrix of the signals induced by the source located at the position 
u in the detection space. 

 
From bilinear algebra considerations, it can be shown that the solution of Eq. (4) corresponds to 

one eigenvector associated with the greatest eigenvalue of the matrix  : 

(5) 

This treatment can be relevant for the source detection in the pipe with a threshold criteria as it 
permits to increase the SNR at the output of beamforming compared to the one of a single sensor. 
Nevertheless, this technique requires solving a generalized eigenvalues problem which can induce 
numerical instabilities. It also requires knowledge of the cross-spectral matrix of the noise. In practice, 
this can be estimated from in-situ measurements with the sensor array when the source is (supposed) 
off. An average over a set of measured signals samples can be performed regularly to take into account 
the variation of the cross-spectral noise matrix in the system as a function of time.  

3. VIRTUAL EXPERIMENTS 
In this section, one presents briefly the principle of the numerical simulations for generating the 

sensor signals induced by the monopole source to be detected and by the turbulent flow constituting 
the background noise. 

3.1 Vibratory response of the shell excited by a monopole source 
     3.1.1 Circumferential admittance approach 

One considers the system shown in Figure 1-a composed of an infinite cylindrical shell filled with 
a heavy fluid (water) and coupled to two ring stiffeners. In this section, one supposes that the system 
is excited either by a monopole inside the fluid or by a radial point force applied on the shell. The 
excitation is supposed harmonic with a time dependency in   where   represents the angular 
frequency. The dynamic behavior of the thin cylindrical shell will be described by the Flûgge model 
whereas the acoustic behavior of the fluid will be represented by the Helmholtz model. Only the 
coupling along the radial direction between the shell and the stiffener will be considered for these first 
developments. The ring stiffener will be represented by a ring model (i.e. rod of circular curvature). 
A cylindrical coordinate system ( , r, ) is considered. The two ring stiffeners are located at the axial 
positions, and . 

The global system is partitioned in two subsystems as shown in Figure 2. The fluid filled cylindrical 
shell constitutes one subsystem whereas the ring stiffeners constitutes the second subsystem.  
 

 
(a)               (b) 

Figure 2. Partitioning of the vibro-acoustic problem: (a), fluid filled cylindrical shell; (b), ring stiffeners. 
 
One will use the circumferential admittance approach (CAA) [4] for assembling the two 

subsystems. One reminds here the principle of the approach (for more details, see [4]). 
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• First, as the considered system is axisymmetric (excepted for the excitation), the different spatial 
fields (displacement, acoustic pressure, force) noted    can  be represented by a Fourier series 
decomposition about the circumference: 

(6) 

• Second, for each circumferential order n (omitted of the notation in the following), one defines 
the circumferential admittances  (m2/N) of the shell (α=1) and of the ring stiffeners (α=2) between 
the junction i and j by: 

, 
 

(7) 
where: 

 (m) is the circumferential radial displacement at the junction j (of the shell for or 
of the stiffeners for  ) for a circumferential radial force applied at junction i; 

 (N/m) is the circumferential radial force applied at junction i on the shell by the stiffeners 
for or the circumferential radial force applied on the stiffeners by the shell for  

Moreover, for each subsystem α, one defines the circumferential free displacement at the junction 
i,  as the circumferential radial displacement induced by the external excitation at the junction i 
when all the junctions are let free 

 
• Finally, using the superposition principle for passive linear systems and considering the radial 

displacement continuity and the force equilibrium at the junctions, one finally obtains the matrix 
system [4]:  

, (8) 

where  . 

Resolving this equation system, one deduces the coupling forces exerted by the stiffeners on the 
shell. In a last step, one can introduce these forces in the model of the infinite fluid filled shell in 
order to estimate the vibratory field of the shell when it is coupled to the ring stiffeners.  In the 
following, as no external excitation is contained in subsystem #2, one considers that   in Eq. 
(4). 

 

3.1.2  Spectral approach for estimating the shell circumferential admittance and free 
displacement 

The problem describing the vibro-acoustic behaviour of the fluid loaded shell excited by a 
harmonic radial force is resolved using a spectral approach. The 2D Fourier transform (i.e. space 
Fourier transform about x-axis + Fourier serie decomposition about the circumference) is considered:  

 
 

(9) 

where   is a generic function representing either the shell displacements or the acoustic pressure. 
 
Applying this transform to the Flügge, Helmholtz, and Euler equations describing the behaviour 

of the fluid filled shell, one obtains finally [4] 

, 
 

(10) 

where  are the components of the spectral Flügge matrix,  is the determinant of the spectral 
Flügge matrix taking into account of the spectral fluid loading impedance and   is a constant 
depending on the shell characteristics.  

 
In order to estimate the circumferential admittances of the fluid filled cylindrica l shell, one 

considers the shell excited by a radial circumferential force at x=0 of unit magnitude for each 
circumferential order, n. As the considered system is invariant in translation about the axial direction, 
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the admittance between junctions i and j can be deduced from  
, 

 

(11) 
where  is the radial displacement of the shell excited by a unitary radial circumferential force 
at x=0 ( =1 N/m). 
 
The spectral radial force for the unitary circumferential radial force applied at x=0 is  N/m. 

The spectral radial displacement   can then be calculated analytically using Eq. (6). The 
circumferential displacement  can be obtained from an inverse Fourier transform about x.  

 
3.1.3 Model of the ring stiffener 
As the two stiffeners are not physically coupled, one has  and as they are identical, 

. Each ring is represented by a rod of circular curvature and of rectangular cross-section. 
 represent the width, height of the cross section, density of the material and celerity of 

the extensional waves. Neglecting inertia and rotary effect, one can determinate its circumferential 
admittance,  (m/N) as given in reference [5]. 
 

3.2 Vibratory response of the shell excited by the turbulent flow 
Now let us considered the fluid filled shell excited by a turbulent flow. The flow speed is supposed 

to be low compared to the acoustic speed and the turbulent boundary layer (TBL) excited the wall of 
the shell is supposed homogeneous, stationary and fully developed. The effect of the convection on 
the acoustic behaviour is neglected. The Cross Spectrum Density (CSD) of the Wall Pressure Field 
(WPF) induced by the TBL,  will be estimated from the TBL parameters and a mixed Goody-
Chase 1987 model [6,7]. The CSD of the radial shell displacement between the points of coordinates 

 and ,  can be written (see [8-12]): 
 

(12) 

where the sensitivity functions,  are expressed (using the reciprocity principle as described in 
[8, 10]), 

. (13) 

 
In Eq. (13),  corresponds to the radial displacement of the shell at point of 

coordinates    when the shell is excited by a unitary radial point force at point  of coordinates 
 . Considering the definition of the Fourier transform given by Eq. (9), its results that the 

sensitivity functions  given by Eq. (13) correspond to the Fourier transform of the shell radial 
displacement field (expressed in  space) when the shell is excited by a unitary radial point 
force at point . For the fluid filled shell coupled to the two ring stiffeners, these quantities can be 
calculated using the CAA approach described in section 2. For calculating the sensitivity functions at 
a given point , it is necessary to consider a unitary radial point force at this point, to calculate the 
coupling forces by resolving Eq. (8), and to evaluate the spectral radial displacement of the shell 
directly from Eq. (10). 

 
The CSD of the radial displacement excited by the TBL can then be estimated using Eq. (12), the 

sensitivity functions  estimated with the CAA approach and the CSD of the WPF,  given the 
Goody-Chase model . 
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4. ASSESSMENT OF THE BEAMFORMING TREATMENTS USING VIRTUAL 
EXPERIMENT 

Only an illustration of the beamforming assessment with the virtual experiment data obtained with 
the models developed in section 3 is presented. More results will be presented during the oral 
presentation and will be published in an international journal. 

The test section is composed by a cylindrical shell made of stainless steel and filled with water. 
The length, the diameter and the thickness are respectively, 3.1 m, 219 mm and 8 mm. The vibrations 
are measured by a linear array of 24 virtual accelerometers fixed on the pipe. The spacing between 
the sensors is   and the first accelerometers is positioned at   cm from the upstream 
flange of the flow. 

Figure 3 shows the acceleration levels at the sensor position for two positions of the source. The 
patterns appearing on this figure are due to the circumferential and pseudo-axial modes of the pipe. 

Figure 4a illustrates the acceleration levels at the sensor position for a turbulent flow whereas 
figure 4b presents the coherence between sensor #12 and the other sensors for the same turbulent flow. 
One can observe the signals due to the background noise may be significantly correlated at certain 
frequencies.  

The data related to the two previous figures have been filtered by the two beamforming treatments 
described in section 2. One illustrates one result of these treatments by showing the array gain for a 
wide band analysis. This gain expresses the increase of  SNR by the beamforming compared to the 
SNR on the reference sensor. This result shows that the interest of the classical beamforming is weak 
for this case, with a negative gain at some frequencies and a gain always lesser than 4 dB  (due to the 
strong coherence of the background noise) whereas a significant gain, over 18 dB in mean, is obtained 
with the MaxSNR beamforming, whatever the frequency band.  

    
(a)                                  (b) 

Figure 3. Acceleration levels (ref. dB, 1 μm.s-2.Hz-0.5) measured by the sensor array for two 
radial positions of the acoustic source: (a), rs=-0.03 m; (b), rs=0.09 m. xs=0.6 m, θs=0°. Results of 

CAA calculation. 
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(a)                                  (b) 

Figure 4.  (a), Acceleration levels (ref. dB, 1 μm.s-2.Hz-0.5) measured by the sensor array when 
the pipe is excited by the turbulent flow. (b), Normalized cross spectrum density function of the 

shell displacement between sensor #12 and the sensor #i . Flow rate: 140 l/s. 

 

 Figure 5. Array gain versus frequency. 
  Wide band analysis of 500 Hz bandwidth 

5. CONCLUSIONS 
The present study was achieved in the framework of a novel non-intrusive vibro-acoustic technique 

for the detection of a sodium-water reaction in a sodium-cooled nuclear reactor steam generator. In 
order to study the efficiency of different beamforming treatments for increasing the SNR, a laboratory 
mock-up composed by a pipe coupled to a hydraulic circuit through two flanges has been developed. 
In parallel of the experimental investigations, the numerical simulation abilities are explored for 
assessing the performances of these treatments for different configurations. In the present paper, one 
has described the numerical vibro-acoustic tools that we have developed for predicting the vibratory 
response of the pipe excited by a monopole source or a turbulent boundary layer. These models a llow 
us to realize virtual experiments mimicking the behavior of our laboratory test case. The virtual signals 
induced by the monopole source to be detected and by the turbulent flow are used to test the vibro-
acoustic beamforming treatments. Different configurations of pipe, of array, of source and of flow can 
be easily considered with these virtual experiments. Obtained results show that the interest of the 
classical beamforming is weak for this configuration, whereas a significant gain is obtained with the 
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MaxSNR beamforming. 
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ABSTRACT 
An important object of vibration and noise reduction and control is to identify and localize the vibration and 
noise sources. Many inverse methods, like Nearfield Acoustic Holography, have been developed in acoustics 
in the last decades. Among others, the iPTF method, allows the reconstruction of the acoustic fields (pressure, 
velocity, intensity) directly on the vibrating structure surface even when it has a complex shape. In addition, 
measurements can be done in non-controlled acoustic environments. The concept of iPTF is based on the 
application of Green's identity on any closed virtual volume defined around the source. The reconstruction 
of sound source fields combines discrete acoustic measurements performed at accessible positions around 
the source with acoustic impedance matrices.  
In the present work, blind identification of the vibratory fields is proposed. The “blindness” has here two 
meanings:  
- the identification of the velocity field of a vibrating structure can be blind if obstacles mask parts of the 
structure to characterize.  
- the identification can be blind if the velocity field is the result of the combination of several unknown 
sources and if one wants to separate the contribution of each source.  
Some numerical and experimental results will be shown to illustrate both aspects of the blind identification. 
 
Keywords: acoustic field reconstruction, blind identification, inverse Patch Transfer Function 

1. INTRODUCTION 
The source identification in the presence of obstacles is a matter of relevance for industrial 

applications. In automotive industry, it would be valuable to retrieve the velocity field of a source that 
is intricately located with other structures partially blocking its accessibility. This situation is mostly 
encountered in the gearbox and engine compartments of a vehicle. In the present study, a method 
called “inverse Patch Transfer Function” (iPTF) (1-3) is used to handle this task.   

The iPTF method is able to identify the vibration velocity of irregularly shaped sources in a non-
controlled acoustic environment (reverberant room, stationary disturbing sources, etc.). The objective 
of this present work is to demonstrate numerically how to use the iPTF method to identify the velocity 
field of a source masked by a rigid obstacle. A test case is proposed where an obstacle located at 1 cm 
in front of the vibrating structure is masking 45% of its surface. The remarkable quality of the 
reconstructed field compared to the reference computation demonstrates the capability of iPTF method 
to handle the presence of masking obstacles.  

In addition, introduction of blind separation techniques in iPTF method should allow to distinguish 
velocity fields produced by different vibration sources. The last section is dedicated to show how the 
approach is used to separate the various phenomena that lead to the noise generation. 

 

                                                        
1 emmanuel-manu.dabankah@insa-lyon.fr 
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2. THEORETICAL BACKGROUND OF THE IPTF METHOD 
The following example in Figure 1 gives a brief description of iPTF method. Details of theoretical 

derivation have been presented in Ref. (3).  
 

 
 

Figure 1 – Normal velocity reconstruction of a plate in a noisy environment in the presence of an 
obstacle 

 
Let assume the source represented by the surface  vibrates with a known velocity field in a semi-
infinite medium. The iPTF method is based on the definition of an arbitrary virtual acoustic cavity 
surrounding the source to identify (see Figure 1). The virtual acoustic cavity Ω engulfs an obstacle of 
surface ’’’. This virtual cavity is thus delimited by the surfaces ’, ’’ and ’’’ with corresponding 
points Q’, Q’’ and Q’’’ (see Figure 1). Moreover, disturbing (stationary) sources might exist but must 
be excluded from the virtual cavity Ω. The acoustic problem is governed, in this acoustic domain, by 
the Helmholtz equation. On boundaries, a normal harmonic particle velocity    is imposed on 
the source surface, while the normal harmonic particle velocity    on the virtual acoustic 
surface  results from the radiation of the source in the acoustic medium. The corresponding particle 
velocities on the obstacle surface   and platform surface   are zero. This is because they are 
assumed to be rigid. Consequently, the virtual cavity problem to solve is given by Equation 1.  

 (1) 

where  is the Laplacian operator,  the normal derivative outwardly directed,  is the angular 
frequency,  is the acoustic pressure and  is the acoustic wavenumber. As detailed in Refs. (1-3), 
this system of equations can be solved introducing acoustic impedance transfer functions and dividing 
the surfaces into element surfaces called patches. Therefore, the pressure  at point  can be 
expressed as  

 (2) 

where         
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 (3) 

The subscripts ,  and  denote respectively a point inside the virtual volume, a patch of the 
source surface Σ and a patch of the virtual surface Σ′′.  are the mode shapes of the virtual cavity 
with rigid walls.    is the norm of the n-th mode shape. The notation  represents the space 
average of the variable  on patch  and  is the surface of the patch .  is the real acoustic 
wavenumber at the eigen angular frequency ,  is the complex wave number. The terms  and 

 are the acoustic impedances. Equation (2) permits the calculation of the pressure at a point  
using the velocities of the patches. For a sake of simplicity, Equation 2 is rewritten under matrix form 
when handling several points i in the virtual cavity  

 (4) 
The aim of the iPTF method is to identify the source velocities . For that purpose, one uses 

Equation 4, which after simple matrix manipulation allows to compute source velocities as  
 (5) 

The acoustic patch impedance matrices of the volume defined by surfaces Σ and Σ′′ are computed 
using Equation 3 and the eigenmodes extracted with a standard finite element solver. The pressure 
and velocity vectors of Equation 5 are measured in the virtual acoustic cavity  and on the virtual 
surface Σ′′ respectively. The matrix  is often ill-conditioned and a regularization technique has 
to be used to invert it. The solution is found using Tikhonov regularization and the maximum of 
curvature of the L-curve is used to define the best regularization parameter – e.g. see Refs. (2, 4, 5).  

3. NUMERICAL VALIDATION  
For this numerical validation, the identification is performed on a simply supported plate excited 

by a harmonic point force as presented in Figure 2. The plate is 0.6m long, 0.4m wide, and 2mm thick, 
and it is made of aluminium (Young’s modulus    Pa; density  2700 kg/m3; 
Poisson’s ratio 0.35; damping  0.01). The plate is excited by a unit point force located at 
point (0.15; 0.15) m on the frequency band [100:500] Hz with frequency step of 25 Hz. 

In the following example, the plate is partially masked by a rigid obstacle. As can be seen in Figure 
2, this obstacle has an ovoid shape and is located really close to the plate (1 cm). This impl ies that no 
measurement can be done in this non-accessible zone. The aim of this example is to demonstrate that 
the iPTF method is able to handle the presence of an obstacle and still able to reconstruct the velocity 
field on the surface of the masked structure.  

3.1 Measurement Step (Numerical Experiment) 
To identify the source velocity field using the iPTF method, it requires measurement and numerical 

data. The measurement data are the set of pressure measurements taken randomly inside the virtual 
volume and the set of velocity measurements on the virtual surface patches. These measurements are 
usually done by physical experiments, but in present work they are simulated. The radiated field 
obtained at the measurement step has been provided by a numerical experiment performed using 
ACTRAN software (6).  

The virtual acoustic surface Σ’’ is made of the surfaces of a rectangular box (0.8 x 0.6 x 0.4) m 
open to the bottom. It is divided into 416 patches of size 0.05m. The plate is divided into 600 patches 
each of size 0.02 m. A set of 600 random field points are selected such that they are a least 0.02 m 
from the surfaces of the source and virtual cavity. In all there were 416 velocity measurement points 
(in red) on the virtual surface and 600 pressure measurement points (in blue) in the acoustic cavity. 
The number of measurement points is voluntarily high to avoid questions raised by the use of an 
underdetermined problem. The obstacle is positioned between the source and these measurement 
points as shown in Figure 2. The pressure and velocity quantities are recorded from their 
corresponding field points as shown in Figures 3 and 4 respectively.   
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              (a)                                                    (b) 

Figure 2 – Geometric set up in ACTRAN software used in the acoustic radiation generation (blue 
points: field points in the virtual volume; red points: field points on the centroid position of the 

virtual surface patches; orange ovoid: obstacle; grey rectangle: plate; red arrow: point force; blue 
triangle: plate support; grid box: virtual surface patches). (a) 3D view; (b) Y-Z view. 

 

 
             (a)                                           (b) 

Figure 3 – The radiated pressure (dB, ref = 2e-5 Pa) at 125Hz. (a) Y-Z section view of the acoustic 
radiated pressure field map. (b) Pressure field map of the random field points inside the virtual 

volume. 
 

 
              (a)                                            (b) 

Figure 4 – The acoustic particle velocity (dB, ref = 1e-9 m/s) at 100Hz. (a) the X-Z section view of 
the acoustic radiated velocity field map; (b) field map of the outward normal velocity acting on the 

centroids of the virtual surface patches.  
 
The second set of data are the numerical data which are obtained by performing modal response 

analysis and finite element analysis of the virtual volume and its associated boundary surfaces (virtual 
surfaces and source surface) and the chosen random field points. The Neumann boundary condition is 
imposed on all boundary surfaces (2). This implies that the surrounding surfaces of the virtual cavity 
are assumed rigid. Obviously, this virtual cavity with rigid wall does not physically exist, it is only 
chosen for theoretical convenience as a basis for acoustic impedance decomposition (3). The eigen-
modes of the virtual cavity with these rigid walls are computed up to 4250Hz (971 modes).  

  

 

46272



 

 

 
  

 

                          
 
        (a)                          (b)                         (c)                         
Figure 5 – Definition of the virtual acoustic cavity model. (a) unmeshed model of the virtual 
acoustic cavity; (b) 3D volume mesh of virtual acoustic cavity; (c) cut through of the virtual 

acoustic volume mesh revealing the position of the obstacle.  
 

        
    (a)                           (b)                  (c)     

Figure 6 – Definition of the surfaces delimiting the virtual acoustic cavity used in the modal 
response analysis. (a) upper part of the 2D meshed virtual surface; (b) lower part of the 2D meshed 

virtual surface. (c) 2D surface mesh of the source.  
 
 

        
(a)                            (b)                             (c) 

Figure 7 – The real part of the modal pressure maps at an eigenfrequency of 353Hz. (a) pressure 
map of the upper part of the 2D meshed virtual surface; (b) pressure map of 2D meshed source 

surface mesh; (c) the random field points inside the virtual volume.  
 

3.2 Identification Step 
The velocity field is identified using Equation (5) and the previously detailed data. It is important 

to note that the surface of identification corresponds to the surface of the plate, thus from the principle 
of continuity, the particle velocity is equal to the structural velocity of the plate. The computed plate 
and identified velocity fields are compared in terms of the norm velocity as presented in Figure 8. 
These results demonstrate that even in such an extreme case (45% of the structure is masked by a very 
close rigid object), the iPTF process can provide satisfactory results for this kind of blind 
identification. 
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(a)                                       (b) 

    
(c)                                      (d) 

    
(e)                                      (f) 

Figure 8 – The norm of the velocity field (a) computed on plate (reference) at 100Hz; (b) identified 
by iPTF at 100Hz; (c) computed on plate (reference) at 175Hz; (d) identified by iPTF at 175Hz; (e) 

computed on plate (reference) at 475Hz; (f) identified by iPTF at 475Hz. The tilted ellipse is the 
outline projection of the obstacle onto the plate.  

 

4. SOURCE SEPARATION TECHNIQUES 
In general, the iPTF method is able to identify radiated acoustic field based on phenomena leading 

to its generation. It is of interest to separate the partial contributions of the different phenomena that 
contribute to the overall radiated acoustic field. The phenomena in this context relates to the different 
sound sources (the mechanisms that lead to the excitation). A practical industrial example is the engine 
noise in a car. This radiated engine noise results from the mixture of many complex noises produced 
by various sources such as combustion, injection, compression and exhaustion. These are referred to 
as the phenomena. Pertaining to this work, the different phenomena will be blindly separated (which 
implies that there is no prior information about these phenomena). Some approaches, known as Blind 
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Source Separation (BSS) (7, 8) techniques will be evaluated in the context of iPTF method. BSS 
involves the task of ‘blindly’ recovering a set of unknown signals, the so-called sources from their 
observed mixtures, based on very little to almost no prior knowledge about the source characteristics 
or the mixing structure (9). The goal of BSS is to process multi-sensory observations of an inaccessible 
set of signals in a manner that reveals their individual (and original) form, by exploiting the spatial 
and temporal diversity, readily accessible through a multi-microphone configuration (8). Algebraically, 
most linear BSS models can be expressed as the following specific matrix factorization (10) 

Y = AX +W (6) 
where Y is m×n observed mixture matrix, A is m×r mixing matrix, X is r×n source signal matrix, W 
is m×n noise signal matrix, and m, r and n stand for the number of observations, the number of sources, 
and the number of samples, respectively.  

In present work, two ways to implement BSS are proposed. The first approach involves measuring 
acoustic field signals (particle velocities and pressure) with set of microphones directly from a 
vibrating structure. The measured acoustic data is used as the input Y, the observed mixture matrix. 
With the use of appropriate BSS method, X, the source signal matrix is retrieved. The second approach 
is similar to the CLEAN algorithm (11, 12) and an overview to this approach is illustrated in Figure 
9. 

 
Figure 9 – Flowchart of the proposed separation algorithm routine with illustrative images. This is 

an image processing technique of the iPTF map.  
 

The proposed algorithm aims to extract the sources using the iPTF velocity map and source prior 
information (sources coupling level and location). The iPTF velocity map can be viewed as a 
collection of patched sources. The quest is to recover the source image from the iPTF velocity map 
using a set of imaging processing techniques. The present sources are assumed to be spatially 
disjointed. The process begins with the identification of the patch with the highest energy level in the 
iPTF map. In an iterative process, this highest energy patch is subtracted from the iPTF velocity map. 
A delta function whose peak intensity and location equals highest energy patch (known as a source 
component) is saved to a separate image. What remains of the iPTF velocity map distribution (the 
‘residual’ image) is fed back into the iterative loop and the cycle repeats until a stopping criterion is 
reached; usually a predetermined threshold value. By this method, the source components build up as 
a series of delta functions whose positions and intensities directly relate to the patched sources of 
iPTF velocity map. The source components and the residual image are combined using the k-means 
clustering algorithm (13) to generate the final source image.  
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5. CONCLUSIONS 
In this article, iPTF has been used to identify velocity fields in the presence of obstacle. The main 

advantage of the method is the combined use of the integral formulation, FEM and measurements, 
which allows to overcome inherent limitations of classical methods. This paper gave an overview of 
the theoretical background and the numerical measurement methodology. To prove the method  
efficiency, a numerical validation was set up with a simple supported plate partially masked by a rigid 
obstacle. This identification has been compared to plate structural velocity. The results show a good 
comparison, which confirms the expected advantages, and demonstrate the applicability of  the iPTF 
method.  

The last part of the presented article presents a first thought on how to introduce blind source 
separation techniques in the context of iPTF method. 
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Abstract
For stochastic vibration analysis of the composite plate in-situ stochastic data of the elastic parameters and
damping loss factors are essential. Deterministic values of the elastic and damping parameters of the compos-
ite plates can be identify using various optimization technique. In recent decades various stochastic inverse
identification procedures are shown to evaluate the in-situ stochastic parameters of the elastic constants of the
composite plate. However, identification of the damping loss factor of the composite plate has received less
attention. A stochastic Bayesian inverse identification technique is used here to evaluate the in-situ uncertainty
of the damping loss factors of the glass-epoxy composite plate. Experimentally evaluated first 4 modal damping
ratio of the glass-epoxy composite plate are incorporated in Bayesian inverse inference formulation through
likelihood function. Novelty of the study lies in the development Bayesian inverse formulation considering
modal damping response to identify the stochastic damping loss factors of the glass-epoxy composite plate.

Keywords: Bayesian inverse inference, Loss factors, Composite plate.

1 INTRODUCTION
Inverse identification of the material parameters of a composite structure is popularly done by minimization of

the error function between experimentally evaluated response and model response by using some optimization

technique. This error function minimization technique can identify the material parameters of the system as a

design variable. The identification of the material parameters using this approach can estimate the parameters

deterministically without considering uncertainty involve in the modeling and material properties [1, 2, 3]. The

randomness in the composite plate is arise due to variability of several factors such as fiber orientations, lam-

inate sequences and various manufacturing uncertainty. The randomness of the material parameters should be

considered while estimating the stochastic dynamic response of the composite plate. Generally an assumption

of the variation of material properties are made prior to the stochastic dynamic analysis instead of considering

in-situ variability of the material parameters. Therefore, a inverse framework for stochastic estimation of the

in-situ uncertainty of the material properties of the composite plate is essential. In such cases stochastic repre-

sentation of the experimentally evaluated modal response in terms of a probability distribution function (PDF)

are necessary.

In recent years, stochastic inverse identifications of the material parameters such as elastic parameters and

Poisson’s ratio are done by generalized polynomial chaos (gPC) expansion method by Sephavand and Mar-

burg [4, 5]. A collocation based gPC expansion method [8, 9, 6] is used for stochastic inverse identification

of the parameters of the composite plate. The stochastic inverse identification of the parameters involve estima-

tion of the unknown deterministic coefficients of the gPC expansion by optimization algorithm [7]. However,

Bayesian inverse identification technique is also quite popular among the researchers [10, 11, 12] to identify

the elastic properties of a dynamic system since 1979 [13]. Statistical properties such as mean and standard

deviation (SD) of the identified parameters can be derived from the posterior distributions. The basic advantage

of the Bayesian inverses technique is posterior PDF can be develop from a limited numbers of experimental

observations. The evaluation of integral is most challenging task in multi-parameter Bayesian inverse inference.

However, Markov Chain Monte Carlo (MCMC) [14, 15] became an efficient alternative to determine the pos-

terior density without evaluating the integral. Various sampling based approaches such as, Metropolis-Hasting
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(M-H) algorithm and Gibbs sampler [16] algorithm have been developed for improvement of the MCMC al-

gorithm. Memory less M-H algorithm can efficiently derive the multi-parameter posterior PDF. More recently,

Nagel [17] discussed Bayesian inverse problem with a direction to overcome the limitations of sampling based

technique for determining the posterior probability density functions of the system parameters. Various ad-

vanced techniques and improvements of Bayesian inference technique are proposed in stochastic identification

of the elastic constant [18, 19]. Gogu et al. [19] identified the elastic constants of the unidirectional lami-

nate by tensile strength test. Of late, Rappela and Beex [20] identified material randomness of the discrete

strut using Bayesian inverse updation and corresponding influences of the geometric randomness of the fiber.

Rosić et al. [21] have proposed a linear Bayesian estimation of the unknown parameters in combination with

the Karhunen-Loève and Polynomial Chaos expansion without using any sampling based technique such as,

MCMC. This method can efficiently update non-Gaussian uncertainties. However, stochastic identification of

the elastic parameters of multilayer bi-directional composite plate using Bayesian inverse inference technique

from modal experimental data has not explored yet. Moreover, researchers have paid much attention to identify

the elastic constants of the composite plate, while identification of the damping loss factors of the composite

plate is indispensable requirement for the damped vibration analysis of the composite plate.

Yesilyurt and Habibe [22] have deterministically identified modal damping ratio of a composite beam by using

short time Fourier transformation (STFT). Cherif et al. [23] have determined damping loss factors of a two di-

mensional orthotropic plate using inverse Wave method and compared with the classical methods. Li et al. [24]

have identified loss factors of a carbon-epoxy composite plate using modal test data using complex modulus

approach. However, stochastic identification of the damping loss factor has not been reported earlier. Here,

loss factors of the multilayer bi-directional composite plate is identified using Bayesian inverse technique from

experimentally evaluated modal damping ratio.

2 MATHEMATICAL FORMULATIONS
2.1 Finite element formulation of laminated composite plate
Classical thin plate theory is used for analysis of a laminated composite plate using first order shear deformation

theory (FSDT). The stress σσσ ′′′ and strain εεε ′′′ relationship for a thin unidirectional lamina is presented by the

generalized Hook’s law with reference to the principal material axes (1, 2, 3) as

σ ′ =CCCε ′′′. (1)

Here, CCC is principal stress-strain relationship matrix [25] along the principal axes of the kth lamina for the multi-

layer bi-directional laminated composite plate. The elements of the CCC matrix for the kth orthotropic lamina are

C11 = E11/(1−ν12ν21), C12 = ν21E11/(1−ν12ν21), C22 = E22/(1−ν12ν21), C33 = G12, C44 = G23 and C55 = G13.

Here Eii, Gi j and νi j are the set of elastic constants such as, Young’s moduli, shear moduli and Poisson’s

ratio of the lamina, respectively. The stress σσσ and strain εεε relationship of the lamina with reference to global

laminate axes (x, y, z) is written as

σσσ = QQQεεε , (2)

in which,

QQQ = T −1CCCT . (3)

Here T is transformation matrix [25] to relate the principal lamina axes and laminate axes. The element

stiffness matrix is of the laminated is presented as

KKKeee =
∫

Ae

BBBTDDDBBBdAe. (4)

In which, BBB [25] is the strain-displacement matrix and written as

ε̄εε = BBBδδδ . (5)
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where ε̄εε = [εx εy εxy κx κy κxy εxz εyz]
T is the strain and curvature vector and δδδ = [u0 j v0 j w0 j θx j θy j]

T

is the nodal displacement vector of the composite plate. Eight-nodded element is used for finite element (FE)

analysis of te composite plate.The mid-plane stress resultant σ̄σσ and strain ε̄εε of the laminate are related by

stiffness matrix DDD as [25]

σ̄σσ = DDDε̄εε . (6)

In which σ̄σσ = [Nx Ny Nxy Mx My Mxy Qx Qy]
T and DDD is given by⎡

⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣

A11 A12 A16 B11 B12 B16 0 0

A12 A22 A26 B12 B22 B26 0 0

A16 A26 A66 B16 B26 B66 0 0

B11 B12 B16 D11 D12 D16 0 0

B12 B22 B26 D12 D22 D26 0 0

B16 B26 B66 D16 D26 D66 0 0

0 0 0 0 0 0 A44 A45

0 0 0 0 0 0 A45 A55

⎤
⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎦

, (7)

where Ai j,Bi j,Di j =∑N
k=1

∫ zk
z(k−1)

(Qi j)k(1,z,z2)dz, i, j = 1,2,6 and Ai j =∑N
k=1

∫ zk
z(k−1)

κ(Qi j)kdz, i, j = 4,5, κ = 5/6.

The elemental mass matrix is written as

MMMeee =
∫

Ae

NNNTρρρNNNdAe, (8)

where ρρρ is the inertia matrix. The global stiffness matrix KKK and the global mass matrix MMM are developed after

assembling the elemental stiffness and mass matrices, KKKeee and MMMeee, respectively. Therefore, Undamped modal

analysis involves the solution of

[λ 2
i MMM+KKK]φi = 0, i = 1,2, ...,n (9)

and extract the modal frequency λi and mode shape φi of the laminated composite plate with n numbers of

degree of freedom (DOF) in FE model.

2.2 Modal damping formulation of laminated composite plate
During vibration, dissipation of the specific energy in the form of heat and acoustic radiation is responsible for

the passive damping of the composite plate. Mathematical estimation of the damping of the composite plate

is necessarily simple and yet accurately represent the damping of the composite plate. Viscoelastic damping

model is efficiently represent the energy dissipation from the vibrating composite plate via complex modulus

approach. It is assumed that stress and strain are harmonically time dependent for linear viscoelastic material

and are presented as σ = σ0eiωt and ε = ε0eiωt . Linear viscoelastic constitutive relationship is expressed as

σ(t) =
∫ t

−∞
C∗(t − τ)dε(τ), (10)

where complex modulus is expressed as a combination of a real and a imaginary component as C∗ =C′+ iC′′.
Real component C′ and imaginary component C′′ of the elastic moduli are termed as storage moduli and loss

moduli, respectively. Complex elastic constants of the composite material in the principal lamina direction are

evaluated as

E11 = E11(1+ iη11), E22 = E22(1+ iη22), G12 = E12(1+ iη12). (11)

Here in η11, η22 and η12 are the damping loss factors along the longitudinal, transverse and shear directions

of the lamina, respectively. Accordingly, complex elastic constants are inserted in Eq. (2) and corresponding

complex stiffness matrix is presented as

KKK∗ = KKKR + iKKKI. (12)
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Here KKKR storage stiffness matrix and KKKR is loss stiffness matrix. Hence, damped dynamic equation of the

composite plate is written as

MMMẍ+KKK∗x = fff . (13)

Assumed solution of the Eq. (13) is x = {φ ∗
i }eiλ ∗

i t , where φ ∗
i and λ ∗

i are nth complex eigen mode and complex

eigen frequency. Homogeneous solution of the Eq. (13) is written as

[λ ∗2
i MMM+KKK]φ ∗

i = 0, i = 1,2, ...,n. (14)

The complex eigen frequency is written as

λ ∗
i = λ ∗

iR(1+ iηi)
1/2. (15)

Thus modal loss factor ηi of the composite plate is written as

ηi =
Im(λ ∗2

i )

Re(λ ∗2
i )

. (16)

The ideal forward problem to estimate the modal loss factor ηi of the composite plate stated in the following

form with reference to the Eqs. (14), (16)

ηi = G(η11, η22, η12, E11, E22, G12) i = 1,2, ...,n. (17)

Considering the fact that nominal values of the elastic parameters are known and distributions of the ηi are

evaluated experimentally, then stochastic damping loss factors η11, η22 and η12 along the principal directions

of the lamina can be identified by inverse stochastic procedure. Corresponding forward model in close form is

written as

ddd = G(mmm), (18)

where set of simulated modal loss factors for ideal case is define by ddd = {ηi}T and mmm = {η11 η22 η12}T is the

vector of identifiable parameters of the inverse problem.

2.3 Bayesian inverse model
Considering the forward formulation stated in Eq. (18), classical inverse problem involves identification of model

parameter mmm from the actual observation of data set d̃dd. Thus, model lead to relation

d̃dd = G(mmm)+ εεε , (19)

where εεε is modal additive error account for deviation between simulated value ddd and observed values d̃dd. The

components of εεε are i.i.d. random variables. The Bayesian inverse problem concerned with estimating the

parameters mmm given a set of observation data d̃dd. The posterior probability density of the model parameters mmm
takes the form

p(mmm|d̃dd) = p(d̃dd|mmm)p(mmm)∫
p(d̃dd|m)p(mmm)dmmm

. (20)

Herein p(mmm) indicate the prior probability of the parameters mmm. Likelihood p(d̃dd|mmm) is define as a function of

mmm, such as L (mmm) = p(d̃dd|mmm). A typical assumption for likelihood function for observed data d̃ j are normally

distributed with a SD σ and expected value G(mmm) and can write as

p(d̃ j|mmm) =
1

σ
√

2π
exp

(
− (d̃ j −G(mmm))2

2σ2

)
(21)
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and likelihood is stated for n numbers of observational data as

L (mmm) =
n

∏
j=1

p(d̃ j|mmm) (22)

L (mmm) =
1(

σ
√

2π
)n

[
exp

(
− (d̃ j −G(mmm))2

2σ2

)]n

. (23)

The integral at the numerator of Eq. (20) is a normalizing constant and described by c. Inverse identification of

parameters mmm from md set of modal data can be written using the theory of total probability as [26]

p(mmm|d̃dd) =
md

∏
i=1

p(mmm|d̃i) (24)

p(mmm|d̃dd) ∝ p(mmm)md
md

∏
i=1

Li(mmm) (25)

p(mmm|d̃dd) ∝ p(mmm)md 1(
(2π)md/2 ∏md

i=1 σi
)n exp

[ md

∑
i=1

(−0.5AT
i σ−2

i Ai)

]
, (26)

where Ai is define as ∑n
j=1

{
(d̃i j −G(mi))

2
}

. The strategy for numerical solution of the stochastic inverse

problem to identify the parameters is proposed using Markov chain Monte Carlo (MCMC) method. The idea

behind the MCMC is to construct posterior distribution without evaluating the normalizing constant c. The

Metropolis-Hastings (M-H) algorithm construct a stationary Markov chain whose stationary distribution equal

to the target distribution. M-H algorithm involve generating new sample point y of Markov chain from a

proposal distribution q(·|x(k)) conditional to the current state x(k) and then accepts and rejects the new sample

y with certain probability of acceptance. Generation of sufficient numbers of sample of a Markov chain with a

stationary distribution is equivalent to the target posterior distribution p′′X (x). The stationary distribution of the

Markov chain is obtained by ignoring the initial burn-in period of the proposal distribution.

Here in mmm denotes vector of model parameters and ddd is set of simulated data for ideal case. The forward model

operator G predicts the model output data set ddd in terms of eigen frequency as a function of model parameters

m. In the present paper, model parameters are Eii and Gi j, and the forward model yield the data output in the

form of modal frequency λi.

3 NUMERICAL EXAMPLE
A spectral modal Bayesian inverse inferences technique is presented herein to identify the stochastic damping

loss factors of the glass-epoxy composite plate. An experimental free vibration analysis is conducted on 12-

layers glass-epoxy composite plate in free-free boundary conditions. 100 numbers of identical composite plate

of dimension 250×125×2 mm3 are used for the free vibration analysis. The modal frequency and modal damp-

ing ratio of the composite plate is determine by impulse hammer technique. To identify stochastic damping loss

factors, elastic parameters of the glass-epoxy composite plate are considered as deterministic and nominal values

of the elastic parameters are identified in [27] using inverse gPC identification. The nominal vales of the elastic

parameters and mass density are given in Table 1. These values were identified from the first 4 experimentally

evaluated eigen frequency. In this paper the loss factors of the composite plate are evaluated from experi-

mentally evaluated first 4 modal damping ratios using Bayesian inference technique. An innovative MCMC is

used to construct the posterior distribution of the loss factors. The innovation lies on the construction of the

likelihood function from the 4 modal data and simultaneously identified 3 loss factors by inverse operation.

Experimentally evaluated modal sampling data is used to update the damping loss factors from uninformative

prior. Random walk of the M-H algorithm, is used to generate posterior samples of {η11 η22 η12}T using 50
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Figure 1. MCMC sample for posterior distribution of the loss factors due to proposal SD

ση = {0.005 0.025 0.1}T.

and 100 experimentals sample data. The choice of proposal distribution is very important to specify the jump

towards the target distribution. Generally normal distribution, centered about the current sample point, is used

as a proposal distribution. However, asymmetric proposal distribution like log-normal distribution [28] is used

here to avoid the generation of the sample points smaller than 0. The SD of the proposal PDF is proposed as

ση = {0.005 0.025 0.1}T with log-normal distribution. Same starting points of the identifiable parameters are

considered here as {x(0)η11
x(0)η22

x(0)η12
}T = {0.2 0.2 0.2}T. However, in Fig. 1 it is observed that each loss factors

are converged towards its target distributions after initial burn-in period for both cases from a uninformative

prior. Sample statistics of the parameters are obtained after discarding initial 400 samples. The stochastic pa-

rameters of the identified loss factors are given in Table 2 discarding the initial burn-in period. Table 2 reveals

that variation of the statistical parameters of the identified loss factors are remain within a limited range of

variation for two types of sample data. Therefore, proposed modal Bayesian inverse inferences technique can

efficiently identify the stochastic loss factors of the composite plate from the modal experimental data.

Table 1. Mean values of the elastic parameters and density of the investigated plate as identified in [27]

Elastic moduli [GPa] E11 = 68.714 E22 = 27.401 G12 = 6.122

Poisson’s ratio [-] ν12 = 0.24 ν21 = 0.24 −
Density [gm/cm3] 2.1143 − −
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Table 2. Identified stochastic loss factors of the glass-epoxy composite plate

Parameters Prior Posterior Posterior

(50 samples) (100 samples)

Mean SD Mean SD Mean SD

η11 [%] 0.8 0.32 0.47 0.12 0.42 0.11

η22 [%] 3 1.20 1.16 0.15 1.20 0.13

η12 [%] 5 2 4.46 0.09 4.56 0.05

4 CONCLUSION
An stochastic Bayesian inverse identification technique is used to identify the loss factors of the glass-epoxy

composite plate from the experimentally evaluated modal damping ratio. In Bayesian inverse formulation the

likelihood function is developed from the sufficient numbers of modal data and the same likelihood function

is used to identify the three loss factors of the composite plate simultaneously. 50 and 100 numbers of first 4

modal damping ratios are used to update the posterior distribution via likelihood functions. To avoid calculation

of the integration in the denominator of the Bayesian equation MCMC algorithm has been used to determine

the posterior distribution of the loss factors. Sufficient numbers of posterior sample points are generated using

MCMC approach. The efficient learning of the inverse model is indicated in Fig. 1 by suitable convergence

of the identifiable parameters with 50 and 100 numbers of sample. Random walk of MCMC is supported log-

normal proposal distribution. Thus efficient stochastic identification of the set of loss factors of the glass-epoxy

composite plate are shown in this paper using Bayesian inverse identification technique.
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ABSTRACT 
On the one hand, in the field of structural source identification, some methods have been developed during 
the last decades like the Force Analysis Technique, the Virtual Fields Method, the 2D spatial Fourier 
transform or the structural holography. The proposed method clearly falls in the same framework and is close 
to the philosophy behind the Virtual Fields Method.  
On the other hand, in the field of acoustic source identification, the inverse Patch Transfer Function has been 
recently proposed to reconstruct the acoustic fields on a complex shape source in any (stationary) acoustic 
environment. This method is based on the concept of virtual acoustic volume. The method proposed here 
tries to adapt this concept to structural identification. 
Therefore, the proposed method is based on the use of a virtual testing structure solved by a Finite Element 
solver. It allows selecting what kind of distribution force one wants to identify. In the example of a plate with 
welded stiffeners, if one is only interested in localizing and quantifying the applied force, the virtual testing 
structure has to include the stiffeners. If one is interested in forces due to the welded points, the virtual testing 
structure has to exclude the stiffeners. 
 
Keywords: inverse method, vibration, force distribution 

1. INTRODUCTION 
Based on the same concept of virtual domain as the recently proposed inverse Patch Transfer 

Functions method (1) in acoustics, the present method (2) aims at reconstructing the force distribution 
applied on a plate-like structure with any shape and any boundary conditions.   

As the Force Analysis Technique (3), the Virtual Fields Method (4), the 2D spatial Fourier 
transform or the structural holography (5), the proposed method is based on the equation of motion of 
a thin plate. The concept of virtual structure introduced here is close to the virtual fields defined in 
(4). However, as mode shapes of the virtual structure are used to reconstruct the force distribution in 
a zone of the structure, it is easy to choose what to include in the model and so what to exclude of the 
force distribution. The example of a razor-shaped structure with stiffeners excited by a point force is 
given. If the stiffeners are included in the virtual structure, only the point force appear in  the identified 
force distribution. If the stiffeners are not included then the force distr ibution exhibits some force 
spots at rigid connections between the stiffeners and the structure. The proposed method is thus 
considered as a selective structural source identification method.   

2. THEORETICAL BACKGROUND 
Let us consider a plate-like structure with any shape and boundary condition as shown in Figure 1. 

A force distribution  is applied on the structure generating a displacement field  on 
the structure. The displacement field respects the following equation of motion  

 (1) 
where  and  are respectively the surface mass and the bending stiffness of the plate and  is the 
angular frequency of excitation. In the following, the objective is to identify the force distribution 

 by measuring the transverse displacement . 

                                                        
1 Nicolas.totaro@insa-lyon.fr 
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Figure 1: Tested plate of unknown shape and boundary conditions excited by a force distribution . A contour  

delimits a surface  on this plate.  and  are the normal and tangential vectors of contour . 

A contour  of arbitrary shape delimiting a zone  on the surface of the structure is defined. As expressed 

in (6), the Green’s identity applied on the equation of motion (1) can be written as 

 (2) 

where  (resp. ) is an arbitrary function (continuous and twice differentiable) defined on  (resp. 

).  and  are respectively the bending moment and shear force operators (1). 

In Equation (1), the terms  ,  ,   and   are considered as 

measurable quantities. On the contrary,  is testing function that can be chosen arbitrarily. To determine 

 in Equation (2),  has been chosen as a mode shape of a virtual plate with clamped boundary 

conditions on the contour . The mode shapes then respect the following equations 
   (3) 

 (4) 

 (5) 

Considering Equations (3) to (5) in Equation (2), it yields 

 (6) 

where  are the modal masses of virtual mode  also defined as  where  is the vector of 

modal masses, A is the matrix of mode shapes  and F is the force distribution on the degrees of freedom 
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in domain  . Therefore, the modal masses can be estimated measuring displacement on surface   and 

contour   and rotation   on contour  . Finally, as   constitute an orthonormal basis of 

functions, the force distribution is simply obtained by  
 (7) 

where  stands for the transpose of a matrix. 

3. NUMERICAL EXAMPLE 

3.1 Structure under study  
To illustrate the method proposed previously, a razor-shaped structure excited by a point force is 

investigated as presented in Figure 2. This structure is clamped on two edges and is pierced by two 
circular holes of same dimensions. Two stiffeners are fixed on the plate by 10 rigid connections for 
the longest one and by 6 for the shortest. This structure will be referred in the following as the “tested 
plate”. The objective is here to reconstruct the force distribution on the grey zone in Figure 2. To 
achieve this result, two testing structures will be used. The first one, presented in Figure 2(b) doesn’t 
have any stiffeners and is clamped on most of its edges. The second one, presented in Figure 2(c), 
exhibits the same stiffeners as those of the tested structure.  

 
(a)                    (b)                 (c) 

Figure 2: (a) Tested structure excited by a point force F; (b) virtual structure without stiffeners, clamped on some edges; (c) 

virtual structure with stiffeners, clamped on some edges 

Mode shapes of the two testing plates are extracted with a commercial FE software and Equations (6) and 

(7) are applied to reconstruct the force distribution.  

3.2 Results 
The results are presented in Figure 3. Figure 3(a) presents the displacement field “measured” on 

the tested structure on the surface  . Figure 3(b) and Figure 3(c) present respectively the force 
distribution obtained from mode shapes of the structure without stiffeners and from mode shapes of 
the structure with stiffeners.  
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(a) 

  
(b)                                   (c) 

Figure 3: (a) displacement field (m) measured (numerical experiment) on the real structure in the zone of the virtual structure 

at 2100Hz; (b) force distribution (N/m²) identified using the virtual structure without stiffeners (Figure 2 (b)); (c) force 

distribution identified using the virtual structure with stiffeners (Figure 2 (c)) 

One can see in Figure 3 that some force spots appear in the first force distribution. They are due to the point 

force itself but also to the forces implied by the rigid connections of the stiffeners. It is easy to evaluate here 

that 4 rigid connections among the 16 generate non negligible force levels. In the second case, only one spot 

due to the point force appears. The influence of rigid connections is canceled because they are taken into 

account in the mode shapes of the virtual structure. Figure 3 demonstrates that the proposed method can act 

as a selective structural source identification method. 

4. CONCLUSIONS 
The proposed method aims at reconstructing the force distribution applied on a plate-like structure. 

This method is based on the concept of virtual structure. The mode shapes of this virtual structure 
with clamped boundary conditions on the contour of the tested zone are used to reconstruct the force 
distribution in this zone.  

Thanks to the use of this orthonormal basis of functions, no inversion is needed making the 
proposed method hardly sensitive to background noise.  
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ABSTRACT 
Dynamical Energy Analysis (DEA) is a mesh-based high frequency method modelling structure borne sound 
for com- plex built-up structures. This has proven to enhance vibro-acoustic simulations considerably by 
making it possible to work directly on existing finite element meshes circumventing time-consuming and 
costly remodeling strategies. In ad- dition, DEA provides detailed spatial information about the vibrational 
energy distribution within a complex structure in the mid-to-high frequency range. DEA was successfully 
applied and validated to a structure borne sound calculation of an assembled agricultural tractor. Modelling 
solid structures is still a challenge for DEA, however, as it is based on 2D wave transmission calculations. 
We propose a novel method to generate DEA elements based on measurement data in order to model solid 
parts of a complex structure. Advanced Transfer Path Analysis (ATPA) is employed to extract energy 
transmission characteristics of a structure. First, Frequency Response Functions are measured between 
interface points on a structure. Then a direct transfer function between interface points is calculated by using 
ATPA. Finally, DEA elements connecting interface points and representing energy transmission 
characteristics of the structure are created based on the ATPA result. Applications of the method will be 
presented.	  
 
Keywords: High frequency structure borne sound, DEA, ATPA 

1. INTRODUCTION 

Simulations of the vibro-acoustic performance of cars, trains, airplanes as well as heavy goods vehicles such 
as lorries and tractors are routinely carried out at various design stages. To understand the transmission of 
structure-borne sound in such mechanical structures, it is necessary to have effective and efficient modelling 
tools to support the structural design process, ideally before a prototype vehicle is built. Numerical 
calculations are widely used to aid the understanding and estimation of noise and vibrations. In particular, 
the Finite Element Method (FEM) is used routinely for noise and vibration simulations in complex structures 
in the low frequency regime. It requires extremely fine meshes at high frequencies, however, to capture 
shorter wave lengths leading to large model sizes. Additionally, since the structural response at high 
frequencies is very sensitive to small variations in material properties and boundary conditions, the 
simulation result from FEM become less reliable. Statistical representations such as the Statistical Energy 
Analysis (SEA) [1] have been developed, leading to relatively small and simple models in comparison with 
FEM. SEA has found widespread applications in the automotive and aviation industry, as well as in 
architectural acoustics. However, SEA is based on a set of often hard to verify assumptions, which effectively 
require diffuse wave fields and quasi-equilibrium of wave energy within sub-systems. In addition, SEA gives 
results only on a relatively course scale and cannot deal with details of the structure [2,3,4]. 

Here, we start from a ray-tracing ansatz reformulated in terms of integral equations. This leads to linear flow 
equations for the mean vibrational energy density and forms the basis of the Dynamical Energy Analysis 
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(DEA) method introduced first in [5]. DEA includes SEA as special case via a low order representation of 
the so-called transfer operator. Higher order implementations enrich the DEA model with information from 
the underlying ray dynamics, leading to a relaxation of SEA assumptions. In particular, DEA allows for more 
freedom in sub-structuring the total system and variations of the energy density across sub-structures can be 
modelled. Hence, DEA can resolve the full geometrical complexity of the structure. An efficient 
implementation of DEA on meshes has been presented in [6, 7]. Vibro-acoustic energy densities are computed 
for multi-modal propagation, including energy transport over curved surfaces. Connections at material 
interfaces are described in terms of reflection/transmission matrices. DEA has been used to calculate the 
structure borne sound of an assembled agricultural tractor and good agreement between measurements and 
DEA calculations have been shown [8]. In particular, it has been demonstrated that DEA can model shell 
structures accurately. However, it is still difficult to model a solid structure because currently DEA is based 
on wave transmission calculations through plate/plate junctions. Additionally, it is often difficult to generate 
accurate FE meshes of assembled complex structures because of welds, bolts and rubber bushes between 
each of the components. To overcome these limitations, we suggest to integrate measurement data into DEA 
to improve the effectiveness of DEA modelling. 

In this paper, we propose a novel method to generate DEA elements based on the Advanced Transfer Path 
Analysis (ATPA) [11]. ATPA is employed to extract energy transmission characteristics of a structure. Firstly, 
Frequency Response Functions (FRFs) are measured between interface points on a structure. Then the direct 
transfer functions between all interface points are calculated using ATPA. Finally, DEA elements connecting 
interface points and representing energy transmission characteristics of the structure are created based on the 
ATPA result. The proposed method is verified with a finite element model of a simple structure. 

2. Theory 
2.1 Dynamical Energy Analysis on meshes 

We will give a brief account of the major ideas behind DEA here – for a detailed description of the theory 
and the implementation on 2D meshes, see [6, 8]. In the high frequency regime, the dynamics described by 
linear wave equations can be approximated using semi-classical or ray-tracing methods describing the 
transition from wave acoustics to ray acoustics; this serves as a starting point for DEA. By neglecting phase 
information, DEA approximates the transport of wave energy by a Hamiltonian flow [5] described by the 
Liouville equation. The flow is phase space volume preserving and can be formulated in terms of trajectories 
or rays. In contrast to ray tracing, DEA does not work with individual rays, but describes how ray densities 
are transported along the flow. In this work we are primarily interested in the stationary solution of transport 
problems corresponding to wave problems in the frequency domain with time-harmonic driving terms. 
Interference (or phase) effects are neglected. 

The ray density can be related to a wave energy density and is defined on a phase space, that is, it depends 
both on position and direction. For two-dimensional systems (as considered in this work), the phase space is 
four dimensional and is parametrized by two position and two momentum coordinates. The momentum 
coordinates are equivalent to the wave vector. For fixed frequency ω and a given wave mode, the modulus 
of the wave vector, that is, the wavenumber, is fixed. Hence, there is only one free parameter necessary to 
describe the direction. 

The transport problem can be conveniently solved on a mesh as described in [6, 8]. In particular, it is 
advantageous to restrict the Hamiltonian flow to sections on the union of all the edges of the mesh describing 
the two-dimensional structure in question. The coordinates used to describe this restricted two-dimensional 
phase space, the so-called Surface of Section (SoS), are the arc-length along each edge i, si, and the 
corresponding component of the wave vector along the direction of the edge, pi. The continuous Hamiltonian 
flow is thus transformed into a discrete map, also called the Discrete Flow Map (DFM) [6].  

DEA describes the transport of ray densities from the SoS to itself using a linear transfer operator which is 
now discretised and represented as a matrix with entries of the from [6, 8] 
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where Pm is a scaled Legendre polynomial of order m as detailed in [8], and the energy is propagated along 
a trajectory through the mesh element j with propagation speed cj. This trajectory starts at position sj on edge 
l of element j and is transported to position s’i on the common edge l’ of the boundary of element i. The 
tangential component of the momentum (or slowness) of the trajectory at sj is denoted pj and likewise for p’i 
at s’i. Note, that p’i and s’i  are uniquely determined by pj at sj. Also L(sj,s’i) is the length of the trajectory 
from sj to s’i, η is a (viscous) damping parameter. Furthermore, Al is the length of edge l from element j, and 
likewise A’l is the length of edge l’ from element i. The weight function wrt gives the reflection/transmission 
coefficients which are obtained from wave scattering theory [9]. Mode conversion between in-plane and 
flexural waves at boundaries can be included in the treatment. Shell effects leading to curved rays [10] are 
included by treating the meshed structure as set of plate-like elements, see [6-8] for details. 

Once the matrix B has been constructed, the energy density on the boundary phase-space of each element is 
given by the solution of a linear system of the form 

  

where I is the identity matrix and T has entries as defined by equation (1). Here, ρ0 is the initial density 
produced by a source term. Once ρ has been computed, the energy density at any location inside the structure 
can be computed in a post-processing step. 

2.2 DEA-TPA modelling 

In many practical applications, providing meshes for some parts of the structure may be very time-consuming 
and thus costly due the internal complexity of the parts. Typical examples are the engine, the gear-box or the 
drive train as a whole and adjacent parts. In these circumstances, it would be easier to do local measurements 
and include effective transmission parameters into the DEA calculation. In order to extract the energy 
transmission parameters, the Transfer Path Analysis (TPA) approach is taken here [11]. The DEA-TPA 
method is based on the same principle as the RBE-patch method introduced in [8]. The difference to the 
RBE-patch method is that we use frequency dependent transition rates obtained from measurements. Energy 
transitions are assumed to take place between connecting interfaces. Labelling the interfaces with k, k´ = 1, 
n, we define a transition matrix Sk,k’ between these interfaces. An interface is normally made up of different 
edges of the mesh. Let us assume the edge Eb’’ is part of interface k and the edge Eb’ is part of interface k’ 
which is shown in Figure 1. We now allow a transition between Eb and Eb’ via the edge Eb’’ using the equation, 

 

                                        (1) 

Here, Ab , Ab’ are the lengths of the edges Eb, Eb’, β, β’, the indices for the momentum basis and T(b’,β’),(b,β) is 
the transfer operator matrix element between two edges not including weighting factors. The first term in (1) 
represents overall damping, the fraction in the middle gives the relative transition rates for a single edge. The 
denominator represents the total outgoing energy flux from interface k.  

In [8], the RBE-patch method was introduced to account for coupling between different sub-meshes provided 
by an FE-modeler.  For combining measurement results with DEA, we determine the rates for the transition 
matrix S using the ATPA method which is ideal to derive local transition rates from global response functions. 
The basic theory of ATPA is described in the next session. 
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Figure 1: Schematic sketch of the connection between mesh edges using patch elements 
 

2.3 Advanced Transfer Path Analysis 

ATPA is a variant of the transmission path analysis method using so-called Direct Transfer Functions (DTFs) 
calculated from a Global Transfer Functions (GTFs) [11]. The GTFs correspond to the common concept of a 
measurable transfer function. The GTFs represent transitions between measured points via all transmission 
path. The DTF elements represent the quotient between two specific points where all the other paths remain 
blocked.  

The GTF Gg
ij from point i to j is defined as the scenario where one applies an external excitation fext (for 

example a force) at point i and the external excitation at all other points is set to zero [11], that is, 

𝐺"#
$ = &'

&(
		with		𝑓/01(0,⋯ ,0, 𝑓"/01, 0,⋯ ,0)7                                     (2) 

where si and sj represent a measured signal which can describe quantities such as acceleration, velocity, 
displacement or energy. The DTF TD

ij from i to j is defined as the scenario where one applies an external 
excitation at point i with vanishing external excitation at point j and vanishing displacements at any point 
other than i or j, that is 

𝐺"#8 =
&'
&(	
with	𝑆: = 0, 𝑘 ≠ 𝑖, 𝑗.                                                     (3) 

As already mentioned, the DTF between two points gives the quotient of their signals when all the other 
points in the system are blocked. Consequently, the DTF is normally difficult to measured but it can be 
calculated by using the GTF as follows: 

𝐺::8 = @
[(BC)DE]GG

                                                                 (4) 

𝐺#:8 =
H[(BC)DE]'G
[(BC)DE]GG

 for      𝑗 ≠ 𝑘 .                                                  (5)  

In this paper, an energetic approach of the ATPA is employed as we focus here on the mid-high frequency 
regime. In the energetic approach, the measured signal si represents the energy at point i. Therefore, the 
energy density is used which is calculated using 

𝑠" = 𝜌ℎ𝑣"M                                                                         (6) 

where ρ is the material density, h is the thickness of the plate and vi
 is the velocity at point i. 

3. FE model for DEA-TPA 

In order to validate the DEA-TPA approach, the method is tested with an FE model of a simple structure 
made up of three plates connected via 4 connecting beams. We assume that the middle plate, plate 2, 

b’’ b’ 

b 
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represents the complicated part and is modelled as the DEA-TPA element. Four interface points are defined 
at the boundaries of the connecting beams as shown in Figure 2. The GTFs is calculated here using FEM 
instead of measuring a real structure, validation is also performed doing an FE calculation of the full structure. 
To define the transition matrix described in Eq. (1), several steps are introduced as follows: 

• We first normalise the outgoing flow to 1, that is 

 
• We then set in the case that interface i and j are not on the same plate. 

• The diagonal terms correspond to reflection from the interface and we set 
if i and j are on the same plate.  

• We set Sij = 0, if i and j are different points on the same plate. 

The excitation point is on plate 1 (lower right plate) and shown in Figure 2. 

 

(a) Original structure                     (b) DEA-TPA modelling 

Figure 2: The FE models for the full structure and the TPA model. The thicknesses of the plates are shown 
in the left figure. The orange dot shows excitation point. The blue dots give measurement points, see the 

results in Figure 4.  

4. Results 

4.1 Energy distribution 

Entities of the transition matrix are calculated based on Eq. (4) and (5). However, for frequencies below 
1000Hz negative value of the calculated GTFs have been observed. Therefore, here, we focus on the 
frequency above 1000Hz for the ATPA results. Figure 3 shows a comparison of the acceleration distributions 
between averaged FEM result over 1/3 frequency band, a full DEA calculation and DEA-TPA result for 2500 
Hz. Figure 4 also shows results for the energy calculated at the points depicted in Figure 2 clearly 
demonstrating that both the DEA and the DEA-TPA capture the energy distributions accurately at 2500 Hz. 
A comparison between DEA, DEA-TPA results and FEM at selected points and over the full frequency range 
from 250Hz to 2500Hz are presented in Figure 5 showing good agreement over the whole frequency range.  
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(a)            (b)                                                                     

 

(c) 

Figure 3: Comparison of FEM, DEA and DEA-TPA model at 2500Hz; (a) averaged FEM over 1/3 octave 
frequency region at 2500Hz, (b) DEA and (c) DEA – TPA 

 

 

Figure 4: Comparison of FEM, DEA and DEA-TPA model at 2500Hz 
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(1)                                         (2) 

 

      (3)                                           (4)   

Figure 5: Comparison of FEM, DEA and DEA-TPA model over the frequency range 250Hz to 2500Hz. 

4.2 Energy flow calculations 

The ray density ρ(r,p) computed in DEA provides more information than just the energy density. In particular, 
it allows one to estimate the momentum density vector I(r) (sometimes called intensity vector) directly, and 
thus gives information about the direction of mean energy flow at each point on the structure. This can be 
done as a post-processing step by computing the vectoral quantity  

 

at each point on the structure. Here r is the position and p is the (two-dimensional) momentum variable. 

     

(a)                            (b) 

Figure 8: Comparison of calculated energy flow between DEA and DEA-TPA at 1600Hz 
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5. Conclusions 

In this paper, the DEA-TPA modelling method was proposed and compared with an FEM calculation. It was 
shown how ATPA input can be integrated into a transition matrix calculation giving rise to a hybrid DEA-
TPA method. Both the DEA-TPA modelling as well as a DEA computation compares favorably with the FEM 
results with DEA-TPA giving a slightly more accurate description as expected.  
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ABSTRACT 
A tire is a composite structure and a viscoelastic body, and its mode density is high. Then, detailed methods 
such as Finite Element Method are unsuitable to apply for broadband vibration problems. Under the 
circumstances, the authors are conducting research for predicting tire vibration and noise using Statistical 
Energy Analysis based on the energy propagation. The mechanism of tire vibration and noise goes through 
three processes of input, propagation and radiation. Initial examination of Experimental SEA model 
construction method and input power evaluation methods is to be conducted for propagation and input based 
on SEA theory. In this report, the authors first propose a method to estimate the input power from the road 
surface. For the problem of the subdivision in estimation input power, we established a method to make the 
experimental SEA models a total of two subsystems, one for each tread and one for each sidewall. 
Furthermore, we showed that the input power becomes constant regardless of the subdivision angle.  
A test bench which can measure force on tire surface is constructed to examine the validity of estimated input 
power. As a result, it is suggested that proposed method can estimate input power from road surface to tire 
with experimental SEA model. 
 
Keywords: Road/tire interaction, Input power, Statistical Energy Analysis  

1. INTRODUCTION 
Recently, noise caused by road and tire interaction (road-tire noise) has been a strong focus in 

consideration of automotive traffic noise. This is mainly because noise from the power train has been 
reduced, thereby the relative contribution of road-tire noise has increased. Interest in road-tire noise is 
likely to grown even more with the spread of electric vehicles. The road-tire noise contribution is 
dominant at speeds above 30 km/h in light vehicles and above 80 km/h in heavy vehicles, as calculated 
using sound-source models of motor vehicles1. The emission and propagation of road-tire noise 
depend greatly on the characteristics of the road surface (e.g., its texture, flow resistivity, and acoustic 
absorbance) and the structure and tread pattern of the tires. These phenomena are tightly i nterlinked, 
making road-tire noise a complicated issue. 

The European Union is engaged in establishing a more comfortable environment for its citizens. As 
part of this, it has proposed and adopted several regulations concerning road-tire noise. Regulation 
UN-R51-03 contains provisions regarding the sound emitted by motor vehicles and applies to vehicles 
in categories M and N. Also, regulation UN-R117-02 applies to new pneumatic tires in classes C1 to 
C3 regarding their sound emissions, rotating resistance, and adhesion performance on wet surfaces 
(wet adhesion). Japan has also adopted these regulations, and UN-R117-02 has been in effect since 
April 2018. Annex 3 of UN-R51-03, in particular, which regulates road-tire noise, would have a strong 
effect on automotive and tire manufacturers. For testing road-tire noise, the test road surfaces are 
specified by the International Organization for Standardization (ISO), and so they are called ISO 
standard road surfaces. At present, testing for compliance with R117-02 and R51-03 is often 
expensive. 

                                                        
1 hiroki-nak@kanagawa-u.ac.jp 
4 toru@kanagawa-u.ac.jp  
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ISO 11819 standardizes how the influence of road surface characteristics on road-tire noise is 
measured by specifying the statistical pass-by method and the close-proximity method. These methods 
are intended for two main uses, namely, to classify surfaces that are in typical and good condition 
according to their influence on traffic noise (surface classification), and to evaluate how different 
surfaces influence traffic noise at particular sites irrespective of condition and age. However, these 
methods have some limitations and require a test field and large equipment.  

Furthermore, road-tire interaction is extremely complex because tires are made of multi -layered, 
highly elastic and viscous materials and have many types of surface (tread patterns). This complexity 
has prompted various studies of road-tire interaction from a physical perspective. Problems involving 
tires are multi-scale, from microscopic models of chemical molecules to macroscopic models of 
vehicle behavior. Also, tire development must consider both cost and performance, the latter being 
represented mainly by rotating resistance for fuel consumption, wet adhesion for safety, and noise for 
comfort. 

Our research on tires and road-tire interaction is set against the above background. We take a 
comprehensive view of the problem and intend to help engineers manufacture their products in the 
near future. We have studied the implementation of vibration energy propagation analysis such as 
statistical energy analysis (SEA)2,3 and structural intensity analysis3,4 to design actual mechanical 
productions such as automotive vehicles and office machines5. We have also shown that an 
experimental SEA model of a wheel with a tire is useful for developing low-noise tires6. There are, 
however, few reports on the application of SEA to tire. 

As described above, the problems for tires are well known as multi -scale problems. Analysis from 
the micro perspective of tire vibration and noise issue is difficult and computationally intensive. 
Instead, we adopt a macroscopic perspective, using our method for reducing machinery noise and 
vibration. In mechanical engineering, the identification of input to the system is highly important to 
reduce the noise and vibration by addressing the source of the problem. Road-tire noise is classified 
roughly as either structure-borne or air-borne sound. Structure-borne sound radiates from the tire 
surface and its properties depend on the tire characteristics. Air-borne sound is generated in the air 
space between the tire and road surface and is classified as either resonance sound from the inner tube 
or stick–slip sound. Herein, we focus on structure-borne sound due to tire vibration. The force between 
the tire and road surface is the most important quantity here, but it is difficult to measure this force 
directly or to locate a force transducer on the tire surface, meaning that an alternative measurement 
method is required. 

We propose a new method for identifying the power input from the road to a rotating tire. The 
method involves an experimental SEA model constructed for static conditions and measuring the 
vibrations of the tread and sidewall of a tire using three-axis accelerometers on each. We begin by 
introducing our ideas and associated research plan, whereupon we explain our proposed method. We 
then constructed a test bench which can directly measure interacting force between tire tread and roller 
(as road). The result of power input estimated with ESEA model and measured at the test bench is 
compared to demonstrate the validity of proposing method with ESEA    

2. ESTIMATION OF POWER INPUT BASED ON EXPERIMENTAL SEA 

2.1 Statistical Energy Analysis 
It is difficult to measure the force between the tire and the road, but the velocity is relatively easy to 

measure on the inner surface of tread. Therefore, we require a model that can estimate the power from 
only vibration measurements. Herein, we use a model based on experimental statistical energy analysis 
(ESEA). 

SEA allows us to understand how vibration energy propagates in a complex structure. In SEA, the 
target system is assumed to comprise various subsystems, and the vibration energies of these 
subsystems are taken as the main variables. The power-balance equation for each subsystem is 
formulated as 

 inP LE , (1) 
Pin is the external power input, ω is the band center angular frequency, L is an SEA model, and E 

is the subsystem energy vector. From Eq. (1), we can identify the power inputs Pin by measuring the 
subsystem energies E and using the SEA model L of the tire. Thus, the power from the road to the 
tire can be estimated. 
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Furthermore, the SEA tire model can supply the vibration propagation on the tire and the exterior 
noise radiated from the tire vibration. The SEA tire model can also be used to analyze interior noise 
such as road noise. As for the structure-borne component of tire–road noise, the power input 
identified by this scheme can be used by road planners, road administrators, contractors, and 
manufacturers to assess how the choice of road surface influences traffic noise. However, it can also 
be used by car manufacturers to assess the road noise generated by automotive bodies and tires.  

A rotating tire is deformed considerably where it is in contact with the road. This  deformation may 
change how the tire vibrates compared to when it is rotating freely. However, it is difficult to consider 
the effects of such deformation, and we begin instead by assuming a tire rotating with constant speed 
and consider the time-averaged phenomenon by applying a fast Fourier transform (FFT) for data 
processing. Using a constant speed and an FFT makes any one part of the tire almost the same as all 
other parts. Under that assumption, we begin by using an ESEA model to measure the power inpu t 
from the road to the tire. 

2.2 Experimental SEA Model 
As described in Section 2.1, we use the ESEA equation given by Eq. (1). In SEA modeling, the 

system is subdivided into various subsystems. We subdivide the tire into two subsystems as shown in 
Fig. 1: subsystem 1 is part of the sidewall and subsystem 2 is part of the tread. The SEA model based 
on Eq. (1) is 

 
1 1 12 21 1

2 12 2 21 2

P E
P E

, (2) 

where E1 and P1 are the subsystem energy and external input power, respectively, for subsystem 1, 
ω is the band center angular frequency, and η1 and η12 are the internal loss factor (ILF) of subsystem 1 
and the coupling loss factor (CLF) from subsystem 1 to subsystem 2, respectively.  
The ILFs and CLFs are determined using Eqs. (3) and (4), respectively:  
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where Eij is the vibration energy of subsystem i when input power Pj is supplied to subsystem j by 
using an impulse hammer and so on. These values are determined using Eqs.  (4) and (5), 
respectively: 
 2

2

1
2ji j jE m A ,  *1 Im

2i in inP F A , (5), (6) 

where mj and Aj are the mass and the total three-dimensional acceleration, respectively, of 
subsystem j, and Fin and Ain are the excitation force and the acceleration on the excitation point in 
the same direction as the excitation force, respectively.  

 

 
Figure 1 – Subdivision of tire into two subsystems, and test appearance for constructing 

experimental SEA model (ILF and CLF) under impact-hammer excitation. 
 

2.3 Adequacy of ESEA Tire Model with Two Subsystems 
Here, we consider whether using only two subsystems for the ESEA tire model is sufficient for 

No.1

No.2
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evaluating the power input from the road to the tire. 
Considering two subsystems as shown in Fig. 2 (a), the SEA equation (2) can be rewritten as Eq. (7) 

by using the power Pdi dissipated from subsystem i and the net power Πij transmitted from subsystem i 
to subsystem j; this case is referred to as “one set,” with one subsystem on the tread and one on the 
sidewall: 

  
1 1 12

2 2 21

d

d

P P
P P

. (7) 

         
(a) One set with two subsystems     (b) Two sets with four subsystems 

Figure 2 – Subdivision of tire into (a) one set with two subsystems and (b) two sets with four 
subsystems to evaluate power input from road to tire. 

 
Considering four subsystems as shown in Fig. 2 (b), the SEA equation of Eq. (2) can be rewritten 

as Eq. (8); this case is referred to as “two sets:” 
 

1 1 12 13

2 2 21 24

3 3 34 31

4 4 43 42

d

d

d

d

P P
P P
P P
P P

. (8) 

Subsystems 1 and 3 on the sidewall can be the same subsystem, and likewise subsystem 2 can be 
regarded as being the same as subsystem 4. Therefore, the power inputs into subsystems 1 and 3 and 
subsystems 2 and 4 correspond to P1 P3 and P2 P4, respectively. The power dissipated in those 
subsystems is also considered to be equivalent, that is, Pd1 Pd3 and Pd2 Pd4. Moreover, the net 
transmitted powers are deemed equivalent, that is, Πij –Πji, whereupon the relationships Π12 Π34 
and Π21 Π43 are satisfied. Substituting all these equivalences into Eq. (8) leads to the same 
equations as Eq. (7) for the one-set case, namely, 
 

1 1 12

2 2 21

2 2
2 2

d

d

P P
P P . (9) 

Consequently, we can obtain an SEA equation with the two subsystems of one set when we have n sets, as  

 
1 1 12

2 2 21

d

d

nP n P
nP n P . (10) 

2.4 Comparison of Power Input Determined by Different Subsystem Sets 
Here, we discuss the absolute values of the input power by describing the SEA method of the 

previous section. In constructing the ESEA tire model, we use the ILFs and CLFs of the two 
subsystems (one on the tread and one on the sidewall) as estimated using Eqs. (3) to (6) with data from 
impact-hammer tests. Eqs. (3) and (4) indicate that the loss factors are proportional to the subsystem 
mass, that is,  
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Meanwhile, Eq. (5) indicates that the energy of a subsystem is also proportional to its mass. 
Consequently, the power input is independent of subsystem mass, meaning that the evaluation of the 
power input from road to tire is independent of the number of tire subdivisions.  Thus, we conclude 
that the power input from road to tire can be evaluated using the ESEA model with two subsystems, 
one on the tread and one on the sidewall. 

3. EXPERIMENT 

3.1 General Conditions 
To examine validity of input power estimated with proposed method, bench test is carried out. An 

original test bench which can measure force and acceleration on tire tread is constructed; An 
impedance head is pressed on rolling tire as contact between road and tire; accelerations of side wall 
and tread is measured simultaneously. With this test bench, direct measured input power and estimated 
input power with experimental SEA model is compared. Detail of the test bench is shown in Fig. 3 (a) 
to (c). Front and side views of apparatus are shown in (a) and (b), and (c) is enlarged view around 
impedance head. A roller is installed between the tire and impedance head, so only vertical force on 
tire is measured and circumference force is minimized. Also, as a mark of measurement (or trigger), 
thin tape is pasted on the tire; when the tape run over the impedance head, impulsive input is 
measured. It enables that the contact patch is distinguished from others.  

 

 
(a)Front view  (b)Side view

(c)Input  
Figure 3 – Apparatus: the test bench to measure input power on tire 

 

 
Figure 4 – A bump on the tire with thin tape; a trigger to synchronize input force and accelerations 
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3.2 Direct measurement of tire input power  
First, direct measured accelerations on tread of 6.4 sec. are shown in Fig. 5. Three directions X, Y and 

Z axis each represents axial, tangential, and radial direction of tire respectively. Impulsive acceleration is 
observed when the tape on the tire tread run over the impedance head. Input power is calculated with force 
shown in Fig. 6 and acceleration on tire tread shown in Fig. 5.  

 
Figure 5 – Measured accelerations on tire tread 

 
Figure 6 – Measured input force between roller and tire 

3.3 Estimation of Input Power with Experimental SEA 
3.3.1 Construction of ESEA model 

As described in Section 2.2, we use the ESEA model that is referred to L in Eq. (1) or ηi and ηij in 
Eqs. (3) and (4). The tire is subdivided into two subsystems as shown in Fig.  1, whereupon we model 
it using Eq. (2). The ESEA model comprises two ILFs for each subsystem and two CLFs between the 
two subsystems. As shown in Fig. 1, the tire was suspended horizontally from strings attached to the 
wheel spokes. Based on the ESEA model construction in Section 2.2, the loss factors were evaluated 
by measuring an impact-hammer force and accelerations. Fig. 8 shows the evaluated loss factors. We 
note that the loss factors depend on frequency in a way that can be classified into three frequency 
ranges, namely, below around 200 Hz, above 1 kHz, and the range in between. The difficulty of 
understanding the structure of vibration transmission is increased in the case of super-elastic or 
anisotropic material and when considering viscosity. These loss factors were confirmed by comparing 
the subsystem energies between those predicted by the constructed ESEA model and those measured 
by the hammer test for the case in which the input power is applied to subsystem 2 (i.e., the tread part).  
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Figure 7 – Internal and coupling loss factors in experimental one-set SEA model: “1” indicates the 

subsystem on the tire sidewall, “2” indicates the subsystem on the tire tread. 
3.3.2 Measurement of tire vibration on test bench 

The vibrations on the tread and sidewall were measured by using two three-axial accelerometers on 
each rotating part. Examples of the measurement results are already shown in Fig. 6. The acceleration 
response in the radial z direction is the highest, followed by that in the tangential y direction; the axial 
response is the lowest because only simple rotation is present. The responses around the trailing edge 
are larger than those around the leading edge.  
3.3.3 Measurement of subsystem energy  

The subsystem energies E in Eq. (1) or E1 and E2 in Eq. (2) are calculated from the accelerations by 
using an FFT. As such, the subsystem energies depend on the signal for the FFT. For example, we can 
estimate the input power for the leading edge, contact patch, and trailing edge from time-series data. Herein, 
the data are measured for around 10 s of motion, and those data are analyzed to evaluate the subsystem 
energies. Examples of the results are shown in Fig. 8. The energy on the tread is larger than that on the 
sidewall. 

 
Figure 8 – Kinetic energy of each subsystem 

3.3.4 Estimation of input power 
The power input from the roller (road) to the tire can be identified from the ESEA model of a smooth 

tire, L, and the subsystem energy E under rotation based on Eq. (1) or (2). The identified input power is 
shown in following section with direct measurement (Fig. 9). The tire is contacted on the tread, and the 
power transmitted into the tread can be assessed. 

3.4 Validity of Estimated Input Power with Experimental SEA 
Comparison of input power estimated with ESEA and direct measurement is shown in Fig. 9. 
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Estimated input power is calculated with ESEA model matrix L derived from hammering test; and 
direct measurement is calculated by input force and acceleration on tire tread. Two lines show the 
same tendency and the difference is small especially in low frequency. It suggests that the estimation 
method based on ESEA is reasonable. 

 
Figure 9 – Comparison of input power estimated with ESEA model and direct measured   

4. CONCLUDING REMARKS 
This paper discussed a new method for estimating input power from road to tire by using 

experimental SEA. The concluding remarks are as follows. 
We introduced a research plan for using SEA to evaluate and predict the interior and exterior noise 

emitted from the interaction between tire and road from a global perspective. In this paper, we focused 
on identifying the power input from road to tire by using experimental SEA. The method for estimating 
input power may also be used to label tires and road surfaces.  

We showed that the input power can be estimated by using the vibration responses of each tread and 
sidewall obtained by three-axis accelerometers during rotation. 

The method was used to estimate the power input and validity was shown with a test bench. As a 
result, it suggests that the estimation method based on ESEA is reasonable. The results confirmed that 
the identified input powers are validated in quantitative manner. 
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to mixed excitation 
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ABSTRACT 

Using the known analytical Green’s function for the displacements and stresses of a force-excited infinite, 

elastic, homogeneous solid the response of a finite body of arbitrary shape can be reconstructed. The 

response is obtained by applying to the infinite solid a distributed force excitation in the exterior and interior 

of a virtual closed surface which coincides with the surface of the targeted finite body. The role of such an 

excitation is to re-create across this surface the boundary conditions of the finite body. Such an approach 

permits one to obtain the response of the finite body under rather general excitation conditions. The latter 

may consist of a superposition of kinematic movements applied over one part of the body surface and the 

distributed force excitation within the body. The physical side of the boundary forming approach is discussed 

first, the corresponding mathematical procedure is then outlined and examples are provided to demonstrate 

its validity. 

 

Keywords: Vibration, Modelling 

1. INTRODUCTION 

An analytical or a semi-analytical solution can be useful in cases where the physical insight into the 

nature of vibration is needed. Straightforward analytical solutions to vibration response exist only for 

objects of very simple shape and boundary conditions, such as a beam, plate or shell having simple 

supported terminations. The computation of vibration response of a mechanical object of complex 

shape is usually done by a numerical approach, notably by the Finite Element Method . 

A technique termed the Boundary Forming Approach allows for a semi-analytical vibration 

modelling of beams and plates of arbitrary shape, (1). The model requires the Green’s function of the 

corresponding body of infinite size. The technique is a satellite version of an approach called the  DPS 

method used so far primarily for the modelling of ultrasonic and electromagnetic fields (2). The 

boundary forming technique was recently applied to vibration modelling of a 3D homogeneous beam 

subjected to force excitation, (3). 

The frequency-domain Green’s function relative to displacement vector in an arbitrary point of an 

isotropic and homogeneous infinite medium is known, (4). This enables construction of the solution to 

vibration response of a body of arbitrary shape and quite complex boundary conditions subjected to 

both dynamic and kinematic type of excitation. 

Since the Green’s function is defined in frequency domain the sinusoidal temporal variation is 

assumed, with the amplitudes of excitation and response quantities taken as complex in the usual way. 

The entire modelling will be thus restricted to operations with complex amplitudes exclusively; the 

common time-variation factor will be omitted.  

2. APPROACH 

2.1 The principle 

The original vibrating body is supposed to be excited by an excitation which may consist of both a 

dynamic component, involving distributed forces and moments, and a kinematic component, involving 

distributed displacements and rotations. The kinematic component is supposed to act across either the 

entire surface of the body or only one part of it. The part of body surface not subjected to kinematic 

excitation may have one area immovable while the remaining area then remains free. 

The vibration will be entirely modelled by means of an infinite medium within which a virtual 
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boundary surface is defined, corresponding to the physical surface of the original body. A double 

excitation is applied to the infinite medium: a primary one and a secondary one. The primary excitation 

is the same as the dynamic component of the original excitation and occupies the same position with 

respect to the virtual boundary as does the original excitation with respect to the physical boundary. 

The secondary excitation has the role of reconstructing, in parallel with the primary excitation, the 

original boundary conditions and kinematic excitation across the virtual surface. Since the vibration 

field within the boundary surface contains only the primary excitation, the secondary excitation has to 

be placed outside the volume delimited by the boundary surface. In such a case the part of the infinite 

medium within the boundary, artificially created by the primary and secondary excitation, will behave 

exactly as if this part was independent of the rest and driven by the original excitation, Fig. 1. 

 

 

Figure 1 – The original vibration body (top) and its model (bottom). 

While the excitation is assumed to be distributed continuously across the excitation domain, the 

computation, using the discrete-point Green’s function, will require the excitation be approximated by 

a discrete one, distributed over a large number of (densely-spaced) excitation points. The Green’s 

function used in the model represents the displacement response to a unit sinusoidal point force. A 

single point force produces two types of elastic waves: a dilatational one and a shear one.  The elastic 

waves created by the primary sources will superpose with the waves created by the secondary sources. 

In steady state motion the interference between the primary and secondary waves may create in a 

number of points particular conditions, such as a given displacement or a given stress. Providing the 

positions of secondary sources are conveniently selected and their strengths correctly identified the 

interference between the primary and secondary waves will create the required boundary conditions 

exactly at points located across the virtual boundary. If these points, termed the control points, are 

sufficiently close to each other and not separated by singularities the boundary conditions in between 

control points will closely match the required conditions too. 

2.2 Field variables 

The vibrating body is supposed to be made of an elastic, homogeneous, isotropic solid of mass 

density, Young’s modulus E and Poisson’s factor . Harmonic excitation at a frequency  is assumed; 

it becomes thus sufficient to operate only with the complex amplitudes of various field variables. The 

orthogonal components of displacement response U = [U1,U2,U3]
t
 at an arbitrary point d = [d1,d2,d3]

t
 

are related to the orthogonal components of the excitation force F = [F1,F2,F3]
t
 at a point e = [e1,e2,e3]

t
 

by the 33 Green’s function of the solid G, (4): 

2
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Using the symbols cp for the speed of dilatational waves, cs for the speed of shear waves and  for 

the Kronecker delta function the  terms in Eq. (2) read: 
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The stress tensor in the point d can be expressed in terms of spatial displacement derivatives by the 

differential relationship between stresses and displacements. By denoting the strain components with 

umn = um/xn and assuming summation over repeating indices the components of stress tensor read:  

1 1 2
mn mn ii mn

E
u u


 

 

 
  

  
 (4) 

2.3 The vibration model 

The boundary forming approach applied to vibration of a 3D body requires that the primary and 

secondary excitations are represented by discrete forces. The state across the boundary, i.e. at the 

virtual boundary surface within the infinite solid, is observed at a number of control points on this 

surface. The number and the positions of both the secondary sources and control points on the 

boundary surface need to be selected in some way. The positions of these points cannot be found from 

any definite physical consideration; the selection has to be done by intuition or by a convenient search 

procedure. While too few points may not well represent the otherwise continuous boundary conditions, 

too many points may create difficulties in computation and unacceptably increase the execution time. 

Once the positions of points have been selected the computation of secondary sources becomes a fairly 

straightforward mathematical task based on matrix operations. Assuming C control positions and S 

secondary source positions the following procedure can be applied: 

 Define the boundary conditions via either displacements, stresses or both at the control points. 

E.g. if the boundary variables are surface stresses, three stress components have to be taken into 

account per each control point: the out-of-plane normal stress and two in-plane shear stresses. 

If instead the variables are the displacements, there will be three displacement components per 

boundary point. Thus in both cases the number of boundary conditions per point is B = 3. 

 Specify the targeted values of boundary variables. The targeted values can be arranged into a 

vector T the length of which is thus K=BC – the number of boundary variables. E.g. across the 

area of the body surface which is free the three components of surface stress will have to vanish 

across the contour surface. If some parts of the body surface are driven by kinematic excitation 

the three displacement components per each boundary point have to be specified.  

 Compute the transfer functions between the boundary variables and all the secondary sources. 

Since there are S secondary sources and three force components per source a transfer matrix H 

will be thus obtained of size K3S. 

 Compute the values of the boundary variables at the control points due to the dynamic primary 

sources (the kinematic primary excitation is accounted for via the boundary vector T). A vector 

of primary boundary variables V0 can be thus formed, the length of which is, just like that of T, 

equal to K. 

 The strengths of secondary sources arranged in a vector Q of size 3S then reads: 

1

0( ) Q H T V  (5) 

The vector of secondary source strengths Q contains three orthogonal complex force amplitudes 

per point: its length is thus 3S. Once the vector Q has been found, the response of the vibrating object, 

limited by the virtual boundary surface, can be obtained by superposing the fields created by the 

primary and secondary excitations. 
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The technique described needs discretisation of both primary and secondary excitation in order to 

enable numerical implementation of Eq. (5). The results are thus not exact but approximate. However, 

in contrast to traditional numerical techniques based on discretisation, such as FEM, here only the 

excitation is discretised while the response field remains continuous. This may be of benefit where fine 

detail of the field is needed. 

The technique requires matrix inversion as seen by Eq. 5.. Theoretically the number of boundary 

variables K and the number of secondary force components 3S should be equal in order to allow for 

matrix inversion in Eq. 5. Such a condition will lead to poorly conditioned matrix H. This may result 

in values of secondary forces which, while producing at the control points the boundary conditions 

close to the targeted ones, may produce large deviation from boundary conditions in between these 

points. In order to improve the result the number of boundary variables should be made larger than that 

of secondary force components, K >3C. In such a case the Eq. 5 will represent an overdetermined case: 

the matrix H will not be square and the inversion should be replaced by pseudo-inversion. The latter 

can be done using one of techniques of solving overdetermined problems, e.g. the Moore-Penrose 

pseudo-inverse or the minimisation of a norm of HQ+V0-T. 

3. EXAMPLES 

3.1 The vibrating body 

The boundary forming technique was examined in (3) using free boundary conditions. The present 

paper extends it to a more intricate case of mixed conditions. Like in (3) the vibrating object is a beam 

of moderate thickness. The beam will be driven by an externally imposed kinematic excitation applied 

to one end. The Euler-Bernoulli beam model will be used to provide an analogous 1D “reference” case 

for comparing it with that obtained by the boundary forming approach.  

The beam dimensions are: length 0.6m, width 12cm, thickness 2cm. It is made of steel: E = 210
11

 

Pa,  = 7800 kg/m3,  = 0.3. The loss factor of 0.01 is assumed; it is input in the model by assigning the 

corresponding complex value to the Young’s modulus of the medium.  

In the present case the contour surface, identical to the surface of the beam, is a simple 

parallelepiped. The spacing between control points was selected at 8.5mm, which resulted in 2422 

control points. The secondary sources were placed across two surfaces of shape similar to that of the 

contour surface but displaced from it outwards by 100mm and 250mm with the spacing between source 

points of 40mm and 80mm respectively. 

The selected positions and spacing between the secondary sources produced the total number of 

1130 source points. The layout of different points is shown on Fig. 2.  

 

Figure 2 – Secondary source points (left) and control points (right) of the beam model. Excited face in red. 

The selected parameters, i.e. C = 2422 and S = 1130, result in a matrix H of size K3S = 72663390. 

As a rule, the higher the frequency, i.e. the smaller the wavelength of the two types of waves in the 

solid, the smaller the needed spacing between the points. The selected parameters were obtained by 

keeping the total number of points reasonably modest in order to allow for a PC-level computation.  
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3.2 Response to kinematic excitation 

To start with consider the beam driven at the left end by a vertical displacement of 5mm amplitude 

at 500 Hz. The analytical solution in closed form can be obtained for this case using the simple 

Euler-Bernoulli beam model. Fig. 3 shows the RMS value of vibration amplitude computed by the 

analytical model and the 3D boundary forming approach. The figure shows very good matching 

between the two results. The lateral and axial motions of the 3D model, not shown, are very low. 

 

 

Figure 3 – Top view of the RMS displacement of the beam driven by vertical motion of its left end. Top: 

Euler-Bernoulli 1D model; bottom: boundary forming 3D approach. 

3.3 Response to mixed excitation 

The next example shows the RMS displacement of the beam excited at the left end as in the 

previous example and, in addition, by a vertical force of 200kN centered laterally at 0.37m from the 

driven end. Good matching with the result obtained by the Euler-Bernoulli model is again noticeable. 

A slight shift in the position of the minimum displacement on the left side is visible between the two 

results. Since neither of the two models is fully accurate it is difficult to identify offhand the reason for 

this discrepancy. 

 

 

Figure 4 – Top view of the RMS displacement of the test beam driven by vertical displacement at its left end 

and a vertical force. Top: Euler-Bernoulli 1D model; bottom: boundary forming 3D approach. 

 

In the next example the full diversity of boundary conditions will be applied: the left end of the 

beam is driven by a prescribed displacement, the right end is clamped while two unequal forces act at 

the longitudinal centerline of the beam. The two forces located at 0.37m and 0.44m, shifted in phase by 

90°, have the amplitudes of 200kN and 300kN respectively. 

The rectangular shape is a very difficult one to handle by the present approach in view of abruptly 

changing state of stress in the vicinity of corners. In spite of the difficult boundary conditions the 

matching of the two solutions remains very good.  
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Figure 5 – Top view of the RMS displacement of the test beam driven by vertical displacement at its left end 

and two vertical forces. Top: Euler-Bernoulli 1D model; bottom: boundary forming 3D approach. 

4. CONCLUSIONS 

The boundary forming approach, previously validated for bodies with entirely free boundaries, has 

been validated in this paper for bodies of mixed excitation and boundary conditions. One part of the 

boundary can be driven by imposed motions while the rest can be partially free and partially restrained 

against motion. External forces acting on the body can be added indiscriminately.  

The approach is based on the analytical solution to point force excitation of an infinite elastic solid 

which is used to reconstruct the boundary conditions of the targeted object . The validation was done by 

comparing the results of forced vibration obtained in two ways: by a 3D model of a slender beam and 

by the classical Euler-Bernoulli model of the same beam vibrating in flexure. Good matching was 

obtained at a sufficiently low frequency at which the classical model provides satisfactory results.  

Since a beam of sharp edges is particularly difficult to model with the developed approach it can be 

expected that the bodies of oval shape with gradually changing geometry can be modelled with an 

increased accuracy and simplicity. 

The selection of model parameters is a critical step of the present method. It represents a topic on its 

own and largely exceeds the scope of this paper the purpose of which is to provide the outline of the 

boundary forming approach applied to vibration with mixed excitation and boundary conditions.   
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ABSTRACT 
The sound radiated from the usual panel speaker employing the single point excitation is distorted due to the 
multi-modal response of the regular panel, or the effective range of radiation is limited to very low 
frequencies. Such problem can be alleviated if an array of actuators is used in the periphery of the panel to 
control the vibration response for the uniform radiation in a wide frequency range. To achieve the uniform 
acoustic field, the two inverse vibro-acoustic rendering techniques can be adopted: first, a vibration pattern 
composed of a virtual speaker and baffle is being created, and, second, the spatial distribution of the vibration 
is being controlled to radiate the desired sound. Each method is called indirect or direct method. Numerical 
simulations are conducted on a thin, simply-supported plate, for which the high frequency limit is 300 Hz. 
The indirect method results the rendering error of -20 dB and the direct method -50 dB. Two methods are 
afflicted with the instability, particularly in using the direct one. Regularization technique is used to overcome 
the ill-posedness, that yields the change of condition number from O(1017) to O(104). Input gains are also 
reduced by 35 dB for both methods. 
 
Keywords: Panel speaker, actuator array, vibro-acoustic rendering, vibro-acoustic inverse technique 

1. INTRODUCTION 
Audio systems embedded in various machines or devices often concerns about the acoustic power 

and low frequency contents because they are usually constrained in the spatial usage for a compact 
layout to have the aesthetic shape and geometric efficiency [1-4]. The generated sounds from them 
are usually distorted due to the multi-modal characteristic of the plate, and the radiation efficiency is 
low. To overcome such problems, a method of using an array of multiple actuators located at the 
periphery of a thin plate or surrounding the main actuator is proposed [5].  

Two methods converting a panel into an effective sound radiator using the actuator array are 
considered: one is to create the circular speaker and tranquil baffle zones simultaneously, and the 
other is to specify the vibration distribution on a panel that can eventually realize the desired sound 
radiation. In this work, the characteristics of two inverse rendering methods are compared. 

2. DIRECT & INDIRECT INVERSE RENDERING METHODS 

2.1 Indirect inverse rendering method (IRM)  
The vibration pattern composed of virtual speaker and baffle zones can be created to achieve the 

desired sound radiation. The created speaker and baffle can be considered as the virtual speaker system. 
Similar to the real loudspeaker, an in-phase back-and-forth piston motion with the amplitude vspk is 
expected in the speaker zone. Ideally, there should be no phase difference within the speaker zone and 
no vibration at the baffle zone. In the steady state, the relation between the velocity responses at the 
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M observation points on the plate and the excitation forces at the actuators is given by 
      1 1M N N M  

G e v , (2) 
where N is the number of actuators, e the input force vector at the actuator positions, v the velocity 
vector at the observation points on the plate, and G the transfer function between actuators and 
observation points [6]. A least-squares solution minimizing the error between the rendered vibration 
pattern and the created vibration field can be obtained by the Moore-Penrose inverse as follows: 

 1
ˆˆ ˆmin  subject to  tv v v Ge ,           1† * *

1 1 1
ˆ

N N M M



  
 t te G v G G G v . (3, 4) 

Here, 𝐞   means the estimated input force vectors obtained by applying the IRM, 𝐯𝐭  the rendered 
vibration field, 𝐯 the generated vibration velocity field, ||…|| the Euclidean norm, and G†, G* indicate 
the pseudo inverse and the conjugate transpose of the matrix G, respectively [6,7]. 

2.2 Direct inverse rendering method (DRM) 
Another method for achieving the desired sound radiation can be thought of. The panel can be set 

into the vibration by the actuator array to directly radiate the desired sound pattern without imposing 
any constraint on the source vibration pattern. The complex gain for the input force of the actuator 
array is estimated from the direct inverse transfer relationship between the desired acoustic field and 
the actuator array. The input forces for control actuators can be obtained as  

 2ˆ ˆ ˆmin  subject to  tp p p He ,           1† * *
2 1 1

ˆ
N N Q M



  
 t te H p H H H p . (5,6) 

Here, H indicates the Green’s function between plate vibration and radiated sound pressure, Q the 
number of observation points in acoustic field, 𝐞  the estimated input force vector using the DRM, 
𝐩𝐭 the desired sound field, and 𝐩 the actually generated acoustic field.  

3. COMPARISON OF THE TWO RENDERING METHODS 
To test the two inverse rendering methods, a simply supported aluminum plate with a size of 700 

mm x 400 mm x 2 mm is used. A total of 196 actuators are located near the plate edges in 10-mm 
uniform spacing to avoid the spatial aliasing. Vibration observation points are distributed at 2079 
points in the panel, and the radiated sound field on a hemispherical surface are observed at 3751 points, 
which are 1 m away from the plate center. In this work, the error in the acoustic field, εp, to quantify 
the difference between desired and generated fields, and the input power, We, for generating the 
rendered vibration or acoustic field are defined as  

   10 ˆ20log / /p t tq
p p p Q   ,  10

1

ˆ20log /
N

e ref
n

W e e


   
 
 . (7,8) 

3.1 Results of inverse rendering 

To generate a uniform hemispherical sound radiation pattern, the condition kR≪1 should be 
satisfied. To adopt the IRM, a virtual speaker zone with a radius of 75 mm is predetermined on the 
plate center. The test result with IRM is illustrated in Fig. 1. One can see that the estimated error of 
the generated sound field increases with frequency in general except at 180 Hz, which approximately 
corresponds to the first longest bending wavelength matching the distance between speaker center and 
plate corner [5]. Created vibration magnitude and phase fulfilling the rendered sound radiation are 
shown in Fig. 2. When the DRM is used, the system ill-conditioning influences the created vibration 
field a lot. The average condition number of DRM is about 1017, which means that the use of 
regularization is essential in solving the instability problem. 

 
Figure 1 – The reconstruction error by using the two inverse rendering methods: , IRM; , DRM. 
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Figure 2 – Vibration field as virtual speaker and baffle at 160 Hz:  

(a)(c) magnitude, (b)(d) phase; (a)(b) IRM, (c)(d) DRM. 

3.2 Effect of regularization 
Among various regularization techniques for obtaining the stable inverse solution of an ill-

conditioned matrix [6-8], Tikhonov method [9] is employed modified separately for IRM and DRM. 
The cost functions for suppressing the instability in using the IRM and DRM, respectively, are 
composed of the error between rendered target fields, vibration velocity vt or acoustic pressure pt, and 
reconstructed fields, G𝐞   or H𝐞  , and the weighted input power. Here, 𝐞   and 𝐞   imply the 
regularized input force signal. In this work, the optimal regularization parameter β is obtained by 
using the L-curve method [10]. To consider the noise-contaminated condition, the normally distributed 
random noise is added to the initial rendered field varying the SN ratio of the target field. Figure 3 
exhibits the simulation results illustrating the required input energy for the actuators versus the 
reconstruction error of the acoustic field. One can find that the DRM results are strongly influenced 
by the included noise. This coincides with the fact that the condition of the system using the DRM is 
much more ill-posed than that of the IRM. Figures 4 and 5 compare the created vibration field and the 
estimated input gains of actuators at 160 Hz with the severely contaminated field condition with noise. 
After regularization, the initial condition number 6.6x1016 is reduced to 1.1x105, which is a similar 
value with the system of IRM. One can find that the input gains of actuators are much reduced after 
the regularization, in particular, the input gain magnitude of DRM is reduced by about 35 dB. 

4. Conclusions 
To radiate the desired sound using actuator array located at the periphery of a thin plate surface, 

two possible rendering methods are considered to compare their capability in radiating a uniform 
sound field. It is shown that the control by using DRM requires too large amount of input power. To 
overcome the ill-posed problem in the inverse rendering process, the regularization is adopted, which 
results in much reduced and stable input gains even under a highly contaminated signal condition. 
Decision on what method is to be used can be made by considering both the acceptable reconstruction 
error to be achieved and the input power needed for the control actuators for practical applications. 

   
Figure 3 – Required input energy of the actuators related to the reconstruction error of the acoustic field 

(160 Hz): , IRM;  , DRM; , SNR=5 dB; , SNR=10 dB; , SNR=20 dB. 

  
Figure 4 – Created vibration field on the plate after the regularization (160 Hz, SNR =10 dB):  

(a)(c) magnitude, (b)(d) phase; (a)(b) IRM, (c)(d) DRM. 

(a) (b) (c) (d) 

(a) (b) (c) (d) 
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Figure 5 – Calculated input gains of actuators after the regularization (160 Hz, SNR =10 dB):  

(a)(c) magnitude, (b)(d) phase; (a)(b) IRM, (c)(d) DRM. 
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ABSTRACT 
Most of panel speakers adopt a thin rectangular plate, which is excited by one or several actuators. Because 
of the multi-modal characteristic of the plate, the vibration field composed of many modes deteriorates the 
radiated sound quality inherently, in particular at the low to medium frequency range. This study deals with 
the control of a point-excited panel speaker to radiate HiFi and powerful sound using an actuator array 
enclosing the main actuator zone. The desired control is to confine the major in-phase oscillation at around 
the main actuator and to suppress the vibration in the remainder area, resulting a virtual circular speaker and 
a baffle. The gain of actuators is obtained by solving the inverse rendering problem derived from the transfer 
function between the actuator input and the response of field point on the plate. Two types of array 
configurations are investigated by simulation, which shows that the adjacent double circular array can 
produce the sound radiation for a wide frequency band. The experiment conducted using the double circular 
array reveals that the vibration field can be controlled well as desired and the present control method can 
improve the frequency response drastically to be flat. 
 
Keywords: Panel speaker, inverse rendering, vibration control, array actuators, radiated sound 

1. INTRODUCTION 
Flat panel speakers often adopt a thin rectangular plate as the radiator excited by one or several 

actuators. Due to the multi-modal characteristic of the plate, however, the resultant vibration field is 
usually contributed from many modes. Such complicated vibration field deteriorates the radiated 
sound quality inherently, especially at the low to medium frequency range, and the radiation efficiency 
is low. So, it is important to control the vibration field of the panel speaker to make it a HiFi radiator. 
In this study, the desired vibration field is a system which is a combination of a circular piston and a 
baffle, radiating desired sound power. The basic concept is shown in Fig. 1. The control actuator array 
surrounding the main actuator is configured to generate the desired field. The inverse rendering 
technique is adopted to obtain the proper complex gain of control actuators.  

 
Figure 1 – Schematic of the concept of the vibration field control for the rectangular panel speaker: (a) 

initial field by main actuator, (b) target field for control actuators, (c) desired ideal field. 

2. FIELD CONTROL USING AN ACTUATOR ARRAY IN DOUBLE LAYERS 
To convert the initial field due to the main actuator into the desired field after control, the inverse 

problem should be set using the transfer function between the input force of each control actuator and 
velocity response of each field point on the plate. The vibration field of an infinite plate excited by a 
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point force can be expressed by travelling wave form (1) as 
2 20

0 02;
8 B B

B

F
v r H k r H jk r

Bk
, (1) 

where r is distance between excitation point and field point,  F0 the excitation force, B the bending 
rigidity, and kB the bending wave number. On the other hand, the vibration field of a finite plate excited 
by a point force can be defined by the mode summation method (2, 3) as follows: 
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,
, ; , ,
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j h x y dxdy
. (2) 

Here,  is the mode shape function, i the index of the i th vibration mode,  the loss factor of the 
plate, p the plate density, and h the thickness of the plate.  

In this work, Eq. 2 is to be used for deriving the transfer function, assuming that the steady-state 
vibration field is considered for a finite plate. Nevertheless, it is also important to look into the 
vibration field in travelling wave form of Eq. 1 to investigate the wave propagation invoking the 
controlled field. By using Eq. 2, the target vibration field to control the initial field is defined as  

0

0

( , ), ;
, ;

( , ), ;
m mm m

t m m
m mm m

if x y speaker zoneT v x y
v x y

if x y baffle zonev x y
, (3) 

where T is the desired velocity of the speaker zone, v0 the initial field by the main actuator, and vd the 
desired vibration field to be generated on the plate. When Eq. 3 is expressed in a matrix form with 
respect to the field points and the input gain of control actuators, one can obtain the actuator gain to 
generate the desired field by solving the inverse problem (2-4) as follows: 

†
t t=V GF F G V . (4) 

Here, F is the vector consisting of actuator gain, G is the transfer matrix between the gain of actuators 
and the velocity response at field points, and the superscript denotes the pseudo inverse operator. 
Tikhonov regularization is additionally applied to secure the stability of the solution (5, 6). 

3. EFFECTIVE FREQUENCY RANGE FOR SOUND RADIATION 

3.1 Simulation set-up 
A simply supported aluminum plate with a size of 700 mm x 400 mm x 2 mm is chosen as the plate 

for the test. A main actuator attached to the plate center excites a unit force within the frequency range 
of 50-1000 Hz. Control actuator arrays configured in the double layer are shown in Fig. 2. The inside 
area of the inner array is defined as the speaker zone and the remaining area as the baffle zone.  The 
desired velocity of the speaker zone is determined to radiate 80 dB of sound power.  

3.2 Determination of Effective Frequency Range 
For the effective sound radiation, the speaker zone should have velocity field with the desired 

magnitude and uniform phase distribution. On the other hand, the velocity field of the baffle zone 
should be no larger than the tolerance value. The tolerance value is determined by a criterion on the 
desired difference in sound power radiation contributed from each zone. In this work, it is set to be 
larger than 15 dB, for the worst condition of uniform phase distribution. The velocity error magnitude 
compared to the desired field can be defined as 

 

  
Figure 2 – Actuator array configured in double layer: (a) double circular array, (b) circular array and edge 

array located at the periphery of the plate. 

(a) (b) 
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spk spke T v T , /bff tol bff tole v v v . (5) 

Here, vtol is the velocity tolerance of the baffle zone and  the spatially averaged velocity. Figure 3 
shows the velocity magnitude error and the standard deviation of phase distribution in the controlled 
field when the diameter of speaker zone is 0.18 m. One can find that the double circular array has 
smaller error than the circular and edge array. The error in the baffle also reveals that the double 
circular array is the best in making a satisfactory baffle zone. From the baffle zone result, the lower 
limit of the effective frequency range can be determined. Considering the sound power radiation, it is 
found that the variation of the sound power is less than 3 dB when the standard deviation of velocity 
phase is less than 20o. Based on this criteria, the high limit of the effective frequency range is selected 
for each array configuration. As a result, the effective frequency range of each array configuration is 
determined varying the speaker zone diameter as shown in Fig. 4. One can observe that the circular 
and edge array has the effective frequency range only for the speaker diameter in the range of 0.24-
0.28 m. If the 15 dB criterion is relieved to 10 dB, the ranges become wider.  
 

 
Figure 3 – Result of velocity magnitude error and phase distribution in the speaker and baffle zone: (a) 

velocity magnitude error, (b) phase distribution. 
 

 
Figure 4 – Frequency range for effective sound radiation: (a) double circular array, (b) circular and edge 

array. 

4. MEASUREMENT OF TRANSFER FUNCTION 

4.1 Experimental Set-up 
To validate the vibration field control method suggested in this work, an experiment is conducted 

for the test plate under the same condition with the simulation. However, the actual boundary 
condition would be a bit different from the ideal simply-supported one. The double circular array is 
configured with 31 control actuators (Tectonic, TEAX14C02-8) and a main actuator (Dayton Audio, 
DAEX25FHE-4), which is attached to the geometric center of the plate. The vibration field is 
measured using laser vibrometer (Polytec, OFV 056) at 325 observation points on the plate. The 
transfer function for the control is determined by using the measured velocity response at each 
observation point and the input voltage signal of each control actuator.  

(a) (b) 

(a) (b) 
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4.2 Result of Vibration Field Measurement 
The measured frequency range of interest is 200-570 Hz considering the resonance characteristic 

of the actuator and modal overlap of the test plate. To investigate how much the speaker and baffle 
zones are generated as intended, the sectioning performance (SP) is defined as follows: 

2 2

spk
spk total S S

SP E E v dS v dS . (6) 

Eq. 6 means the ratio of the vibration energy concentrated in the speaker zone to that of the total plate 
and the result is shown in Fig. 5(a). Compared with the initial field by a main actuator only, one can 
see that the most of vibration energy is concentrated in the speaker zone by the control. Figure 5(b) 
shows the sound power radiated from the plate. After the field control by the actuator array, the power 
spectrum become flattened and the magnitude is enhanced satisfying the desired value of 80 dB. 
 

 
Figure 5 – Experimental result of vibration field control: (a) sectioning performance, (b) estimated sound 

power radiation from the controlled vibration field 

5. CONCLUSIONS 
In this study, the vibration field of a panel speaker excited by a main actuator is controlled by using 

an array of control actuators arranged in the double layered configurations. The control performance 
of two types of control actuator array is simulated, and the effective frequency range for the sound 
radiation is determined for each array. It is noted that the double circular array has much wider 
effective frequency range than the circular and edge array. An experiment to validate the proposed 
control method shows that the vibration energy is concentrated within the speaker zone as desired by 
the control. The sound power radiated from the controlled vibration field reveals that the severe 
fluctuation in sound spectrum of the initial field is flattened and the overall magnitude is also enhanced 
to fulfill the desired value. Consequently, it is shown that the resultant sound field does not include 
the distortion, resulting an improved sound quality, owing to the control by control array. 
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ABSTRACT 
Advanced audio applications are more and more demanding with respect to the visual impact of loudspeakers 
while still requiring more channels for high quality spatial sound rendering. The use of arbitrary plate-like 
structures driven by electromagnetic actuators or by piezoelectric elements appears as a promising solution 
to tackle both issues. However, to meet spatial rendering audio constraints (omnidirectional piston-like 
sources), the generated bending waves must be focused to a certain extent within the host plate. Theoretically, 
this means being able to invert the spatio-temporal wave propagation operator for the generated bending 
waves to fit a given target shape. Several methods are here investigated to perform this task depending on 
the available knowledge of wave propagation in the plate (theoretical, partial spatial and full spatial 
knowledge). The various methods are presented in a unified theoretical framework and their performances 
are compared in terms of sound radiation by means of two key performance indexes. 
 
Keywords: Spatial vibration control, Bending wave focusing, Advanced signal processing 

1. INTRODUCTION 
In the past decades, several studies were performed on the sound restitution using an array of 

loudspeakers. The main idea is to calibrate each loudspeaker of the array to reproduce with high 
fidelity the physics and the acoustics of the primary source (1). Historically, spatial rendering methods 
such as stereophony (VBAP), binaural rendering or holophony (ambisonic or Wave Field Synthesis 
(WFS)) are used with electromagnetic loudspeakers. There are many constraints imposed by such 
methods for them to work properly: a flat and omnidirectional response for the speaker, and several 
piston-like actuators to avoid spatial aliasing and to cover the whole restitution area (2). Distributed 
Mode Loudspeakers (DML) were introduced as a new kind of loudspeaker with a low visual profile 
(3). The idea is to produce sound waves by exciting the bending waves of a thin stiff plate trough an 
actuator. This technology was used to render spatial sound by the WFS Method (4,5). However, this 
technology suffers from some drawbacks because of the aliasing caused by joint panels and the modal 
behaviour at low frequency of the plate which causes distortions of the signal and does not meet 
spatial audio requirements. Therefore, a new technology using larger plates called MultiActuator 
Panels (MAP) or much larger called Large MultiActuator Panels (LaMAP) has been designed to 
overcome these limitations. The main idea is to excite the plate with several actuators driv en by 
different signals to reproduce different sound sources (6). This technology was successfully used in 
the context of the wave field synthesis to render spatial sound.(7). However, some drawbacks such as 
the modal behavior at low frequencies and the interferences between sources causing sound distortions 
and poor sound quality still exists with this technology.  

Particularly in the automotive industry, using spatial sound rendering coupled with flat panel 
loudspeaker will be very interesting. Indeed, it will allow to alert the users from several dangers and 
provide high quality spatial sound. Moreover, this approach will decrease weight by replacing 
electrodynamical loudspeakers with piezoelectric actuators and improve design purposes and visual 
impact. However, the reconstitution zone is small, with a very limited number of canals and with very 
complex operational conditions. Considering the previous observations, the focusing of the bending 
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waves on arbitrary plate-like interior parts of the car to create independent sound source appears as 
the best way to create an array for spatial sound rendering.  

In the literature, there are various methods that allow to focus bending waves in a media. The first 
method called modal control (MC) is based on modal superposition (8). Indeed, it allows to focus a 
monochromatic vibro-tactile peak on plates (9), or an audio source on a rectangular plate by computing 
FIR filters of order 3 (10). A strategy of equalization was developed by the same authors (11). The 
method is based on a simple approach and is sensitive to modeling error. The second method available 
in the literature is based on the time reversal (TR) principle, initially described by Fink et al. in (12). 
It allows to focus a wave at a specific point in the space by learning partially the waves received at 
the actuators positions and initiated at the focusing point. An improvement is available in (13) 
permitting to improve the TR in high damping medias. The third method studied in this paper is the 
spatio-temporal inverse filtering (STIF), initially studied by (14) and (15) to find a solution to the 
lack of robustness of the time reversal method. Firstly, the method consists in learning the propagation 
of the waves in the whole media, then, an inverse filter is created and used as input for each actuator. 
Finally, another method based on the learning of the large band dynamic behavior of the structure, 
using the maximization of the contrast between the radiating zone and the whole media. It was initiated 
for room acoustics in (16), and applied on a plate structure in (17). 

The objective of this study is to propose an approach enabling for the localization of bending waves 
in a defined area of a geometrically complex structure and with arbitrary boundary conditions to make 
it vibrate as a piston. First of all, this approach should be precise in terms of spatial focusing. Moreover, 
this method must operate in a wide frequency range and be suitable for the audio restitution. Finally, 
the method should not rely on too much experimental measurements for practical reasons as the  
automotive is targeted as the applicative field. These methods will be presented in a unified formalism 
and compared numerically to highlight advantages and drawbacks of each method, in a structural and 
acoustics point of view. 

2. PROBLEM STATEMENT 
Let   denote a plate-like structure of arbitrary shape and with arbitrary boundary conditions. 

Assuming that this structure lies in the  plane, the positions of the N piezoelectric actuators 
bonded on S are given by  and the out-of-plane displacement of the bending wave 
velocity field is denoted . 

 
Figure 1 – Arbitrary shaped-like structure with piezoelectric actuators and localized audio sources 

The objective is now, for any input audio signal , to focus the bending wave field  to 
fit a given target shape   using the   actuators through   FIR filters   applied to the 
audio input. Mathematically, this means that we would like to achieve: 

 (1) 
Or equivalently in the frequency domain, with  and  the Fourier transforms of the 

displacement and the audio signal respectively:  
 (2) 

Assuming the system is globally linear, the contributions   of all the   actuators 
generating the field  sum up and can be written as: 

 (3) 

where “ ” stands for the convolution product and  is the spatiotemporal impulse response 
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of the  actuator. Or equivalently in the frequency domain:  

 (4) 

By combining both expressions (2) and (4) of , the objective to achieve is then expressed in 
the frequency domain and independent of the audio input signal  as: 

 (5) 

This means that the spatiotemporal propagation operators   associated with the  
actuators needs to be inverted to design the  FIR filters  able to focus the bending wave field 
on the target shape  whatever the frequency . 

3. BENDING WAVES FOCUSING METHODS UNIFIED THEORETICAL 
DESCRIPTION 

In this section, several methods able to in invert the spatiotemporal propagation operators 
  are presented. The methods differ depending on the available knowledge of wave 

propagation in the plate they rely on (theoretical, partial spatial and full spatial knowledge). They are 
all presented within a unified theoretical framework for comparison purpose.  

3.1 Methods relying on a theoretical knowledge of  
The first class of methods presented here assumes that a theoretical knowledge of wave propagation 

within the host structure is known. For bending wave, the out-of-plane displacement  of the 
host structure subject to the external point load  can be expressed as (18): 

 (6) 

In the above equations, , , and  are the Young’s modulus, Poisson’s ratio, and density of the 
panel respectively. Additionally,  is the damping constant and  is the panel thickness. 

Let  be the theoretical orthogonal modes associated with the structure under study 
which can be computed analytically or through FEM models. The main idea is to decompose the 
displacement  in the mode shapes basis, and reinjecting the displacement expression in the 
movement equation (6). Next, thanks to the projection of the obtained equation on the  first modes, 
the propagation operator  can be obtained, as explained in (9,10). 

Moreover, the next step consists in decomposing the target shape  on the host structure 
mode shapes  as: 

 (7) 

It can be shown by combining (5) and (7) that the following equation can be written: 

 (8) 

with the number of modes  chosen equal to the number of actuators or superior (potential matrix 
conditioning problem during the inversion). Moreover, it can be shown also in (10) that such equation 
can be easily inverted and expressed in the discrete-time domain as follows: 

 (9) 
Where ,  and  can be expressed using the modal parameters (  as well as the 

target shape parameters . 
The method described above offers the advantage of not needing any prior experiments. In addition, 

the computation cost is low because the FIR filter order is 3 and the method is not sensitive to noise. 
However, the advantages listed before are available only for very simple structures . Additionally, for 
an audio purpose the frequency bandwidth is in general large as well as the number of modes to be 
addressed, which limits drastically the frequency band. 
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3.2 Method relying on a partial knowledge of  
Let us now assume that a partial spatial knowledge of the propagation operator is available. More 

precisely, it is assumed here that the spatiotemporal operator is known for an excitation located at one 
spatial position   and measurements performed at actuator positions  . 

Mathematically, what is known in the frequency domain is  such that: 

 (10) 
according to the spatial reciprocity principle [8]. Thus, by choosing: 

 (11) 
One should be able to focus the bending waves around the location . According to the theory, 

this method is based on the time invariance principle of partial derivative equations in a non-dispersive 
media. Moreover, this method is also based on the principle of spatial reciprocity of frequency 
response functions. But if the media induces several losses, an iterative method was introduced by 
(13) and permits to converge to the STIF presented just below, but it this case is less flexible than the 
STIF. 

3.3 Method relying on a complete spatial knowledge of  
Let us now assume that a complete spatial knowledge of the propagation operator is available. 

More precisely, it is assumed here that the spatiotemporal operator is known for any actuator 
 and that measurements are performed over a complete grid of  points on the structure for 

positions  . Mathematically, what is known in the frequency domain is 

. 
The problem to be solved can then be rewritten on the measurement spatial grid as: 

 (12) 

The resulting matrix can first be directly pseudo-inversed in the frequency range of interest by 
keeping only large enough eigenvalues. This leads directly to the FIR filters : 

 (13) 
where “+” denotes the pseudo-inversion operator. 
It is important to note that the pseudo-inversion step is sensitive to noise. Hence, during the pseudo-

inversion step, the lowest singular values are canceled to deal with those matrix conditioning issues. 
More details are available in (15). 

Firstly, the method is more robust because it allows to acquire information about the wave 
propagation in the whole media. Additionally, the filters size is  chosen by the user. Hence, the model 
takes into account the real structure and its complexity, with eventual losses, and the notion of modal 
density is not crucial. Finally, this method is very interesting for its ease of implementation. However, 
it is necessary to realize several measures to learn the dynamic. 

4. Numerical study of the investigated focusing methods 

4.1 Structure under study 
In order to test the previous methods and to compare their performances, a ribbed clamped 

polypropylene plate was chosen, a material often used for car passenger garnishments. The dimensions 
of the plate are given in Figure 1, with ribs of length 1 cm and thickness of 3 mm to approach as much 
as possible the surfaces used in the automotive industry. Indeed, the ribs are stiffening the plate, 
shifting the eigenmodes to higher frequencies and introducing localized modes around the ribs.  

The material used is polypropylene, with a Young modulus of , a Poisson’s ratio of 
 and a density of  . The dynamics of the structure with piezoelectric actuators 

glued on it is computed thanks to a finite element model implemented on the software SDT (19) and 
an experimental modal analysis was performed jointly to identify modal dampings. The nine first 
mode shapes are from 158 Hz to 707 Hz.The plate is modeled with shell elements (Figure 2). The 
control algorithms are developed and implemented in Matlab with SDT jointly. 
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Figure 2 – (left) Dimensions of the plate and (right) meshes of the studied plate and (c) ribbed plate. 
The target shape consists of a rectangle measuring  and centered at . 

Moreover, the audio signal to be reconstructed is a sweep sine with a duration of 10 seconds, from 
100 Hz to 10 kHz, sampled at 40 kHz. In addition, a set of "NCE51" piezoelectric actuators developed 
by Noliac are used, with a diameter of 25 mm and a thickness of 1 mm. Indeed, there are 9 PZTs 
between each rib placed quasi randomly, and equally spaced along y. The number of actuators and 
their disposition change the results. Here, an example with few actuators is studied, because in real 
conditions as in cars, only a small number of actuators is embedded for reasons of compactness and 
channel addressing. 

4.2 Sound radiation computation 
Let  be the out-of-plane displacement of the plate and  its Fourier transform, where 

 belongs to the plate. The sound radiation of a baffled plate in the fluid observation points 
 is computed thanks to the Rayleigh integral (18), defined by:  

(14) 

where  the density of air,  the sound speed in air.  
The sound radiation is computed on a semi-circle centered on the target shape, at a radius of 50cm. 

4.3 Indicators for the parametric study 
The first indicator allows to calculate the smoothness of the directivity. Let  be the mean 

value of the pressure at the frequency , on the semi-circle of length , the SPL mean error indicator 
allows to compare the current pressure distribution with a smooth distribution, and is given by: 

(15) 

Moreover, the second criterion permit to evaluate the flatness of the Sound Pressure Level (SPL), 
on the semi-circle defined above. The SPL in dB is defined as: 

(16) 

where,  is approximately the threshold of hearing at 1 kHz. 
Let   be the mean SPL in the frequency range  , the SPL mean error 

indicator is expressed as: 

(17) 

A smaller value for both indicators means a smoother response of the structure, when it increases, the 
responses lost their flatness and the sound source loses quality.  
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5. Numerical results 

5.1 Structural results for the localization methods 
The three methods described previously are applied numerically and compared to a case where no 

control is imposed, with only the nearest actuator to the target shape actuated. 
 

 
Figure 3 – Reconstructed shapes with (a) STIF, (b) TR, (c) MC and (d) without control. 

The Figure 3 shows the normalized mean quadratic displacement between 100 Hz and 800 Hz. It 
shows that the STIF method focuses the energy on the target area very efficiently (Figure 3a) compared 
to the other methods. After 800 Hz, the method doesn’t work anymore. Additionally, the TR focuses 
moderately the waves in the frequency band (Figure 3b) but does not maintain the target shape for 
each frequency. Similarly, the MC localizes the energy alternatively next to the target shape and 
between ribs (Figure 3c), but does not work well since the mode shapes are not conventional flexural 
modes but a mixture of global and local modes. Finally, without control strategy, the energy is also 
confined between the ribs near the target shape and shows better precision than MC and TR ( Figure 
3d). The initial learning of the dynamic behavior allows to have better focusing precision by 
considering the local modes in the dynamics, in a wider frequency band.  

5.2 Sound radiation results for the localization methods 
The directivity and SPL error in the frequency band [100Hz;10kHz] are plotted Figure 4 for each 

method. Moreover, the overall directivity in [-90°;90°] are plotted versus the frequency in Figure 5. 
Firstly, one can observe that the error of the STIF method is very low and increases abruptly above 

1 dB after 800Hz. Additionally, the error shows four peaks at respectively 150 Hz, 270 Hz, 338 Hz, 
and 440 Hz approximately. It corresponds to the first eigenfrequencies of the structure which 
influences the target shape pattern and thus the sound radiation. It means that the directivity is 
omnidirectional until 500 Hz, except for modal frequencies, as shown in Figure 4a and Figure 5a. 
Between 500 Hz and 800 Hz, there is an apparition of dips around [-90°;-45°] and [45°;90°], and 
above 800 Hz, the structure radiates mainly in the middle of the plate. Hence, this behavior is 
consistent with the precedent structural study, because below 800 Hz, the localized source behaves as 
a piston and above the plate doesn’t localize anymore vibrations. Moreover, the directivity error for 
the other curves show the same trend, with an error increasing globally after 500 Hz. Indeed, the MC 
produces also omnidirectional directivity pattern until 500 Hz approximately and after the sound 
radiation is concentrated in the middle as for the STIF, and the SPL increases with frequency (Figure 
5c). Additionally, when no control is implemented, the SPL shows several dips and peaks due to the 
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modal behavior. Above 500 Hz, it doesn’t show any omnidirectional pattern (Figure 5d). Finally, the 
TR method gives a very poor SPL level compared to other methods (Figure 5b). 

 

Figure 4 – a) Directivity and b) SPL error of the four reconstructed shapes between 100Hz and 10kHz. 
The SPL error curves available in Figure 4b allow to understand the flatness of the SPL according 

to the spatial position. The SPL error of the STIF method around 10 dB is fairly flat  and thus shows 
that the SPL is quite smooth. According to the precedent discussion, the MC exhibits an increasing 
SPL from 50 dB to 150 dB and its error is very high and not flat (between 25 and 40 dB). The same 
behavior is noticeable for the TR but with a decreasing and very low SPL level , and an error around     
60 dB. This is due to the lack of robustness of the method in case of highly damped media . Finally, 
without any control strategy, the error contains several oscillations of 5 dBs around 15 dB and 
confirms the modal behavior. The STIF method achieves better performances in terms of directivity 
and SPL response flatness than the other methods. 

 
Figure 5 – Directivity vs Frequency for respectively a) STIF, b) TR, c) MC and d) without control. 

6. CONCLUSIONS 
To conclude, three focusing wave methods were tested and adapted for bending wave in the case 

of sound reproduction. Moreover, the sound radiation was computed thanks to the Rayleigh integrals. 
Within the automotive industry and spatial sound rendering, it is obvious that the STIF method would 
be the preferred method. Indeed, even if the computation coast is higher, the method is easier to 
implement and allows a better focusing in term of vibrational point of view. Additionally, it provides 
the best directivity and flatness SPL response pattern. This will allow to achieve a better sound 
reproduction than with simple MAPs. Finally, several parameters as the number of actuators and the 
boundary conditions have been studied but not presented here, influence the localization results, and 
must be considered to find the best compromise between those parameters and the aimed purpose. 
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ABSTRACT 
In the growing topic of ultrasound in air, innovations in powerful sources and digital signal processing have 
produced a wealth of proposed devices and applications. However if we are to realize the benefits of these for 
companies and consumers, the introduction of these new technologies must come in an environment where 
we can properly conduct standardized field and source measurements with appropriate processes and 
calibrations, and set exposure limits based on knowledge of the potential for adverse effects on humans: these 
are difficult areas in which the research base is scarce. This paper covers new devices and applications, the 
difficulties with measurements and calibrations, and discoveries regarding the potential for adverse effects. 
 
Keywords: Ultrasound, Ultrasonic, Human effects 

1. INTRODUCTION 
A review of the field in 2016 showed that, whilst there was over 50 years of anecdotal reports of the 

adverse effects of ultrasound on humans (supplemented by limited laboratory testing), the state of 
knowledge was insufficient to meet regulatory needs [1]. Although concern throughout the second half 
of the 20th Century had been sufficient to generate dozens of national and international guidelines that 
appeared to show broad agreement, the review [1] identified that any consensus was illusory: it did not 
derive from independent research, but rather by standards-setting bodies (when faced with this 
difficult problem) assessing the same sparse set of papers in full knowledge of the conclusions reach 
by previous standard setting bodies. The publicity following this finding led to some physics-based 
arguments that ultrasound-in-air could not affect humans. The counter-arguments to these were 
presented in a rebuttal in 2017 [2].  

Several areas in measuring ultrasonic sources and fields in air, and on taking appropriate data to set 
suitable Maximum Permissible Levels (MPLs) for human exposure, were identified as problematic 
and likely to lead to misconceptions [1,2]. These included: 

 reliance on MPLs based on inadequate data to protect a particular individual who had not 
been measured, given the huge variability in the responses between people, even within the 
same age cohort [1]; 

 application of sparse data taken on one age group and gender (adult men) to the broader 
population (e.g. children) that could be exposed in a public setting [1]; 

 reliance, when considering public exposures, on MPLs set for occupational exposures (the 
context of such known exposures would be worker protection against occupational 
exposure enshrined in law, subject to monitoring, with known and recorded durations for 
the exposure and ‘quiet’ times for recovery. Furthermore, the worker would be made aware 
of the exposure and might (within reason) be required to wear protective equipment ) [1]; 

 use of trends in hearing thresholds as proxies for trends in thresholds for adverse effects 
[1]; 

 concentration on adverse effects which are quantifiable by standard audiological means 
(e.g. temporary and permanent hearing threshold shifts) whilst neglecting adverse effects 
that may appear at lower exposure levels (annoyance, inability to work and concentrate, 
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headaches etc.) [1]; 
 use of a third octave band categorization of exposures, and MPLs for signals, that are 

increasingly found to be narrowband [1]; 
 reliance on sound level meters (and the interpretation of historical data in papers that were 

taken with such instruments) that meet the specifications of a standard that allows for sound 
level meters in general usage to underestimate the level of the signal (measured in the 20 
kHz third-octave band) to an unlimited degree and still meet the standard [1]; 

 use of standard physical measurement techniques in place for ‘audio’-frequency signals 
(such as measurement in an anechoic chamber certified as being anechoic for the frequency 
in question; or mapping sound pressure levels over a 5 cm grid to assess inhomogeneity of 
the field) that become increasingly impractical or ineffective as the frequency increases 
into the ultrasonic band [1]; 

 use of standard audiological measurement techniques in place for ‘audio’-frequency 
signals (such as use of the Reference Equivalent Threshold Sound Pressure Level etc.) that 
become increasingly impractical or ineffective as the frequency increases into the 
ultrasonic band [1]; 

 reliance on the unproven assumption that an acoustic signal that is too high for an 
individual to perceive, cannot cause an adverse effect [1]. 

This led to a number of speculative proposals requiring research, such as:  
 the hypothesis that the usable dynamic range between the threshold for detection of a sound, 

and the threshold for adverse effects, will decrease rapidly as the frequency increases 
towards and into the ultrasonic band [2]; 

 whilst some manufacturers publish no source levels, and some provide data of dubious 
quality, those manufacturers who wish to provide accurate information on the levels 
emitted by their products are poorly served, in that it is not easy for them to access 
measurement equipment and utilize procedures traceable back to national standards, or use 
standardized procedures for conducting and reporting such measurements , because the 
systems that support them in doing so are not fully developed [1]; 

 the ability to counter claims that no mechanism can be proposed by which a human could 
suffer adverse effects from acoustic signals they could not perceive [1, 2].    

The increasing interest in this field was seen in several countries, with field measurements showing 
members of the public were being exposed to high levels by pest scarers (e.g. in a restaurant setting, 
with reports of adverse effects) [3, 4], and audiological tests showing huge variation in the hearing 
thresholds at high frequency [5]. At the same time, there was increasing awareness in several countries 
[1, 2, 6-8] that the extraordinarily permissive MPLs set by the US Occupational Health and Safety 
Administration (OSHA) appeared to rely on the mistaken argument that MPLs set by other countries 
were based on measurements of adverse effects in which no air gap existed between the ultrasound 
source and the skin, so allowing OSHA to make its MPLs 30 dB higher than those in other countries. In 
the most recent version of the OSHA Technical Manual appendix on ultrasound published in 2015, the 
exception for a 30 dB increase is no longer mentioned [9, 10]. 

In response to this increasing interest, the Journal of the Acoustical Society published a special 
issue on ultrasound in air [11], containing:  

 three papers that cover human effects [12-14]; 
 six papers on the measured outputs of commercial devices [10, 12, 15-18]; 
 one paper that covers ways of categorizing the ultrasonic regimes [19], written in response to 

the citation by manufacturers of inappropriate guidelines to imply the outputs of their devices 
are safe [20]; 

 two papers on calibration [21, 22]; and  
 three papers [23-25] on novel applications. 

2. NOVEL APPLICATIONS 
It is notable that measurements of commercial sources tend to focus on pest deterrents [10, 12, 18] 

(because they are inexpensive and produce high levels) and Public Address Voice Alarm (PAVA) 
systems [16-18] (because they recently came to light as inadvertent sources of ultrasound and are 
relatively common and accessible [1]). 

The introduction of inexpensive sources and amplifiers, and digital systems to control and process 

6329



 

 

signals and array technology, has caused a rapid increase in the number of devices advertised (though 
some are more practicable than other).  

Leighton [1, 26] defined three categories of exposure of humans to ultrasound in air. Category 1 is 
labelled ‘Ultrasonic by-product noise exposure’. This occurs when some process or device (e.g. a jet 
engine) generates ultrasound as a by-product of its operation. Category 2 is labelled ‘Unintended ultrasonic 
exposure’. This occurs when some process (such as an ultrasonic cleaning bath) requires the generation of a 
specific ultrasonic signal as key to completing its task, but in addition to insonifying its inanimate target, it 
also unintentionally exposes a human or animal to ultrasound. Category 3 is labelled ‘Deliberate ultrasonic 
exposure’. This occurs when devices (such as pest deterrents) are designed to expose humans and/or 
animals to ultrasound in air in order to elicit some subjective response (whether or not the target is the 
intended species or demographic). 

Category 1 (ultrasonic by-product noise) exposures by jet engines led to the first concerns about 
‘ultrasonic sickness’, dating from the 1940s. However all the data were corrupted by the simultaneous 
exposure of the workers in question to high levels of lower frequency noise [1]. The recent observation 
of ultrasound from PAVA systems is a newer form of category 1 exposure [1,16-18]. 

Category 2 (unintended ultrasonic) exposures formed the basis of much of the interest in the second 
half of the 20th century, but suffered from the same problem as Category 1 exposures, in that the 
environments in which the humans were exposed usually contained high levels of lower frequency 
sound. Measurements on subjects tended to focus on the so-called ‘objective’ symptoms of temporary 
and permanent hearing threshold shifts. This is in contrast to the earlier researchers who had looked 
into in Category 1 exposures, and who had included substantial interest in a range of symptoms that the 
literature refers to as ‘subjective’ (headache, nausea, tinnitus, a feeling of ‘pressure in the ears’). It 
should be noted that the term ‘subjective’ refers, not so much to the symptoms themselves, as to the 
experimenters’ abilities to quantify the effect, compared to measuring the ‘objective’ symptoms of 
temporary and permanent hearing threshold shift. One notable researcher of category 2 exposures, who 
included both ‘subjective’ and ‘objective’ symptoms in his assessments, was Acton [27-30]. Maccà et 
al. [31] made an important contribution in 2015 when they attempted to separate out cohorts who had 
reeived ultrasonic plus lower frequency exposures, from those who had received similar levels of the 
lower-frequency exposure. They describe their test as follows: 

‘The [ultrasound-exposed] group comprised 14 subjects recruited in a spectacle 
frames factory where there were four welding machines (three Branson welders, 
operating frequency 30 kHz, and one Schoeller, operating frequency 25 kHz); subjects 
worked continuously at a distance of 30–40 cm from the machines and 
non-continuously in front of the cleaning tanks. The other 10 subjects were employed 
in a textile factory; subjects worked at a distance of 30–40 cm from all the machines. 
They all had ear protectors, but used them minimally; the shift was 6 h and 30min in a 
day. The intensity levels measured near the ears of subjects exceeded the TLV-C 
(threshold limit value-ceiling) proposed by ACGIH [American Conference of 
Governmental Industrial Hygienists] in all sample cutters and label -trimmers at 
nominal frequencies of 20, 31.5 and 40 kHz, and in two of the cleaning tanks at 
frequencies of 20 and 25 kHz. All ultrasound emissions were accompanied by 
subharmonics produced in the audible high-frequency range as by-products of 
industrial ultrasonic processes’. 

They looked at both ‘objective’ and ‘subjective’ symptoms. The statistical analysis of their data was 
revisited by Leighton [1].  

Whilst ultrasonic welders, cutters and cleaning bath are clearly category 2 exposures, the  
involvement of both patient and device operator in the use of dental ultrasonics means that it falls into 
two categories, depending on which person is under consideration [1]. All the category 2 exposures 
discussed above (welders, cutters, cleaners and dental instrumentation) have been in use for many 
decades. In modern times, there have also been significant sums raised to develop the wireless power 
delivery systems using ultrasound in air, but there is also scepticism in some quarters as to the 
practicability of an eventual product, and any exposure of humans by these would be category 2.  

Category 3 (deliberate ultrasonic) exposures range from the long-standing use of pest deterrents 
(which, although designed to deter only pests such as rodents and birds, also expose humans to 
probably the highest levels the public experiences) to more modern technologies, such as the acoustic 
spotlight (an in-air version of the older parametric sonar), and the use of ultrasonic haptics to give an 
impression of touch in air using high intensity ultrasound. It is critically important that the 
development of any device to generate a category 3 exposure is accompanied by appropriate safety 
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testing. This is not a simple task for manufacturers, given that: 
 half a century of measurements have provided us with guidelines that are not sufficiently 

supported by appropriate data for us to have faith in them [1]; and 
 there is significant variation between people of even the same age in their high frequency 

hearing thresholds (and the use of this as a proxy for adverse effects is questionable) [1]. 
It is not an enviable situation for a commercial sector of manufacturers and users, to have, on top of 
this level of uncertainty, a lack of access to measurement equipment, facilities and expertise. This is 
especially so given that it would be difficult to overstate the importance of critical and rigorous 
assessments of the safety of established and new devices that generate public exposures (especially of 
infants and children).  

The category 3 exposure that has generated most interest for its potential to produce adverse effects 
is that of ultrasonic weapons and deterrents aimed at humans. ‘Mosquito’ -like devices can be 
purchased to deter teenagers from locations such as shops, although the unlicensed use of such devices 
is creating concern in the UK Parliament [32], which is exploring licencing to allow the use of such 
deterrents to keep teenagers from sites where they should not be (such as railway lines), but restrict 
their use to deter teenagers from shops etc. 

Recently there have also been claims of ultrasonic attacks on US Embassy staff in Cuba and China. 
These reports lack rigorous acoustical data, and in some ways reflect the state of investigation that 
began interest in ‘ultrasonic sickness’ in the 1940s [1]. The narrative has undoubtedly been influenced 
more by political agents and the mass media, than by the scientists (for whom access to any data is very 
limited). In the case of these claims regarding Cuba, it is particularly regrettable that these attacks have 
been associated with claims of ‘brain injury’, when the statistical basis on which to make those claims 
in the data released to date is flawed [11]. 

3. CONCLUSIONS 
Realization of the benefits to companies and consumers of new devices cannot be based on 

extension to the ultrasonic range of our audio-frequency measurement protocols (both physical and 
audiological) [1, 2, 11].. It requires improved measurements, and must be done in the context of filling 
our current knowledge gap on what signals cause what adverse effects in what subsets of the  human 
population [1, 2, 11]. Whilst technological developments are allowing long-established principles to 
be realized as practical devices and intriguing prototypes, the priority must be on ensuring that these 
devices are safe for any of the humans they could expose. It is not possible to do this with the current 
data on the adverse effects on humans without setting such cautious MPLs as to severely limit 
innovation.  
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ABSTRACT 

Airborne ultrasound noise in the workplace is an increasing problem concerning occupational safety and 

health. Industry applications found most frequently are cleaning, cutting and welding. National regulations 

exist, often non-consistently, providing limit or guidance values and only a few give advice on the 

measurement procedure itself. But in general, ultrasound noise measurement has several basic problems, e.g. 

a lack of instrumentation, traceability, tailored procedures and even knowledge on its impact on humans. 

Among other issues, the EARS II project, funded by the European metrology programme for innovation and 

research (EMPIR) of EURAMET, has addressed the development of an appropriate measurement procedure 

for the assessment of noise at work sites. In the daily business of occupational health and safety engineers, 

there is no time for intensive studies. Thus, a reference workplace has been set up in the laboratory to 

examine sound fields in detail. These studies gave a detailed view into the specific characteristics of 

ultrasound fields and allowed to derive an adequate and practicable measurement procedure for ultrasound 

noise assessment.  

 

Keywords: Airborne Ultrasound, Noise, Assessment 

1. INTRODUCTION 

Ultrasonic devices are used in a wide-spread area of applications in industry. The most prominent 

examples are ultrasonic welding of plastics such as foils or solid parts, ultrasonic cutting of cheese and 

cake, or ultrasonic cleaning of dirty engine parts or even sensitive electronic circuit boards. These 

applications usually base on a resonant sound delivering techniques leading to high acoustical 

amplitudes with a fundamental frequency in a typical range between 20 kHz and 50 kHz. This 

unavoidably leads to airborne sound which is emitted into the surrounding of the ultrasonic device 

with very high amplitudes. Since the ultrasonic devices or the working process in many cases have to 

be applied, controlled, cleaned or managed by a human, there is always a working place associated 

with them. The worker then moves in an area of high-frequency, tonal and loud noise.  

Classical noise assessment is limited to a frequency range up to 20 kHz, due to restrictions of both, 

measurement instrumentation and assessment guidelines. Nevertheless, occupational health and safety 

agencies register a growing number of complaints at working places equipped with ultrasonic 

machinery. In general, any possible hazard to a worker’s health must be assessed. Thus, there is a need 

for a practical and reliable ultrasound noise assessment. 

2. ULTRASOUND NOISE ASSESSMENT IN PRACTISE 

A number of national guidelines have been issued in the past decades all over the world, but a closer 

examination shows that these basically refer to the same limited literature basis provided in the 1970’s 

and 1980’s. The methods are widely borrowed from audible noise assessment, e.g. ISO 9612 (1). 

Engineers following these guidelines often run into problems due to the limitations of their 

instrumentation and those methods which they have to apply. This leads to inappropriate and 

inconsistent noise assessment at ultrasound loaded working places.  

Thus, one of the aims of the EMPIR project “Ears II - Metrology for modern hearing assessment 
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and protecting public health from emerging noise sources" (3) was to develop an appropriate 

measurement procedure for the assessment of ultrasound noise at workplaces. As a starting point for 

the investigations, different measurement procedures have been compared. In (2), measurement results 

were presented that show clear differences between stationary and spatially averaging methods to 

measure the sound pressure level. The stationary measurement method which is recommended in most 

guidelines restricts the measurement to single measurement points. This leads to a higher uncertainty 

in the determination of the sound pressure level. This lack of reproducibility makes it difficult for 

engineers to properly assess the exposure of workers at ultrasound workplaces.  

3. REFERENCE WORKPLACE 

The question arises why the methods borrowed from procedures for audible noise measurement 

lead to inconsistent results. How does ultrasound noise differ from audible noise? An observation by 

measurement engineers is that the sound level strongly varies when moving the microphone through 

the sound field. Level differences of more than 12 dB are reported during movements of just a few 

centimeters. This triggered to study the sound field of a working place in more detail. Unfortunately, 

such working places usually are integrated in a complex industrial production process giving no 

chance at all for time-consuming and extensive scientific studies.  

Thus, a reference workplace was set up that simulates a typical industrial working place equipped 

with an ultrasonic device. The setup consisted of a typical industrial welding machine with a driving 

frequency of about 20 kHz. For better control, the machine was mounted in a free field environment in 

laboratory. The setup was incorporated into the large PTB portal scanner. The scanner had three 

moving axes in X, Y and Z direction and allowed computer-controlled positioning of a microphone in 

the sound field with a precision of about 50 µm. The scanning area was nearly 2 m on each axis and 

gave the opportunity for large and highly detailed sound field studies. Extensive pretests and 

examinations were performed with the sound source to ensure reliable scanning results. See (4) for 

more details. Figure 1 gives a photograph of the scanner.  

 

 

Figure 1 – Portal scanner of PTB with a scanning volume of about 2 m x 2 m x 2 m with three axes in X, Y and 

Z direction with a minimum spatial resolution of about 50 µm. (4) 

4. A TYPICAL ULTRASOUND FIELD 

The reference workplace was used for detailed recordings of the sound field around the reference 

source. The scans were performed in areas where the worker typically moves. This included standing 

working positions, sedentary working positions and positions in the far field and on the sides of the 
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machine. Figure 2 shows an example of a scan of the ultrasound field. More details can be found in (4).  

 

 

Figure 2 – Measured sound pressure levels in front of an ultrasonic welding machine in an area of about 

0.65 m in width and 0.8 m in height. The black rectangle marks the position of the driving sonotrode. (4) 

 

The scanning picture shows a highly non-uniform sound field with distinctive interference patterns. 

The level differences are up to 35 dB between points with a distance of a few centimeters. The 

characteristics are similar in areas at all sides of the machine. The various scans have been analyzed to 

find significant parameters for the characterization of ultrasound fields. This will be used to derive a 

proper and applicable measurement method for noise assessment.  

The scans clearly show that ultrasound fields differ from the more uniform audible sound fields. 

Specific measurement methods are required to reproducibly obtain sound pressure levels that are 

representative for the workplace and that allow to properly assess the noise exposure of the worker 

even in non-uniform ultrasound fields.  

 

5. INFLUENCE BY THE OPERATOR 

The non-uniformity of ultrasound fields is not the only difference to audible sound fields. The field 

structure is quite more sensitive to any change in the acoustic properties of the surrounding or structure 

incorporated in the sound field. This includes not only the machine housing but also the operator 

himself. The standard procedure for audible noise assessment is to measure the noise in absence of the 

operator. In fact, the sound level difference measured with and without him present is usually 

neglected in practice. This may not be appropriate for ultrasound fields.  

In preliminary studies, it was observed that the operator influences the sound field. In (5), an 

artificial head was placed in front of a loud speaker and a sinusoidal sound signal of 10 kHz was played. 

The sound field was scanned next to the right ear of the head in rough steps with and without the 

artificial head present. Instead of the sound pressure level, the impulse response was determined at 

each point which resulted in complex information about the sound field. The phase angle at each 

measurement point was plotted for both situations and is shown in figure 3. In the situation with the 

head present, an interference pattern can be observed that is not seen in the situation without the head. 

The corresponding local level differences were about 12 dB.  
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Figure 3 – Phase of the impulse response, left panel without an artificial head in the sound field, right panel 

with head. Both plots show the phase in degrees as colors over an area of about 12 cm in width on axis X and 

22 cm in height on axis Y next to the right ear. (5) 

 

Motivated by these findings, the reference workplace studies were extended by the situation that an 

operator was simulated sitting or standing in front of the welding machine. Again, an artificial head 

was used as a representation of the operator. The sound field was scanned for sound pressure levels in 

areas around both ears. As an example, figure 4 shows a plot of a preliminary analysis of these scans.  

 

   

Figure 4 – Measured sound pressure levels coded by colors in front of an ultrasonic welding machine without 

(left) and with (right) the head present. The scanned area is next to the right ear and has a width of about 

25 cm and a height of about 29 cm.  

 

The analysis of these measurement series is still in progress. But the first results show that there is 

a strong influence of the head and the torso of the operator on the sound field. The influence may affect 

the level as well as the structure of the sound field. Both parameters must be accounted for when 

assessing the exposure.  

The minimal conclusion from these findings is that an ultrasound noise measurement is only valid 

when the operator is present in the sound field. Further conclusions will be drawn when the analyses 

will be finished.  

6. CONCLUSIONS 

The sound field at workplaces that involve ultrasonic machinery has been studied. Since real 

workplaces do not allow extensive scientific studies, the investigations were performed using a 

reference workplace that simulates a typical welding working station under controlled laboratory 

conditions. Spatial high-resolution scans of the sound field were performed around the source. 

Moreover, an operator was simulated using an artificial head being placed in front of the machine. First 

results showed that the operator himself strongly influences the sound field and thus the result of a 

noise measurement. Further analysis of the data is in progress.  

The aim of these studies was to derive a measurement procedure that allows the practical and 
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reliable assessment of the ultrasound noise exposition of a worker. The method should include the 

specific characteristics of ultrasound fields and should be applicable even on a running industrial 

production line.  
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ABSTRACT
High-intensity focused airborne ultrasonic fields are increasingly applied in various technical fields, for 
example, to generate haptic feedback during gesture interaction. The sound fields used pose special 
challenges for a quantitative sound field characterization. The high sound pressure levels in combination with 
the higher harmonics generated by nonlinear effects require both, a wide dynamic range and a wide 
bandwidth of the measuring chain. Furthermore, the small wavelengths and the focusing result in spatially 
strongly varying sound fields. In the present case, a 40 kHz carrier signal was focused on a focal point using 
a transducer array with 256 elements.
Different microphone types and analysis methods were investigated with respect to their suitability in 
measuring high-power airborne ultrasonic fields. Using the portal scanner of the PTB, a spatial 
characterization of the ultrasonic field was performed. The results for different microphones and 
measurement setups were compared and will be presented and discussed in this paper. Due to the nonlinear 
propagation of the sound wave, peak sound pressure levels of more than 160 dB were measured in the focal 
region. To evaluate the exposure of potential users the measured sound pressure levels in the focal region
were compared with currently existing limit values.

Keywords: Ultrasound, Metrology, Airborne

1. INTRODUCTION
Ultrasonic fields have been used to generate local audio sources for many years (1). The general

idea behind this so-called parametric acoustic array is based on nonlinear acoustic effects of sound 
wave interaction in air (2). An ultrasonic carrier signal is amplitude modulated by an audio signal. 
When nonlinear interaction of sound takes place, the modulated audio signal is demodulated in the air. 
In this way audio sources with very sharp directivity pattern can be realized. The generation of 
nonlinear effects requires high sound pressure levels of the ultrasonic carrier signal.

Recently, a comparable technology has been developed to create haptic feedback during gesture 
interaction (3,4). The basic idea behind this application is to generate a tactile feedback in free space 
by using an ultrasonic phased array to focus high-intensity sound waves on user’s hand. The 
mechanoreceptors within the skin are sensitive to frequencies below 1 kHz. Therefore, a common 
approach is to modulate the ultrasonic carrier frequency by a low frequency signal.

Both applications use the ability of ultrasound to concentrate acoustic energy for the creation of 
localized low frequency sound sources. For this purpose ultrasonic fields with high sound pressure 
levels are used. In order to assess the potential noise exposure of users of such systems, quantitative 
sound field measurements must be performed. This paper describes a first approach and discusses 
challenges of measuring high-intensity focused airborne ultrasonic fields.

1 Marko.Liebler@de.bosch.com
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2. EXPERIMENTAL SETUP

2.1 Ultrasonic Array
High-intensity focused ultrasonic fields were created using the commercially available 

Ultrahaptics STRATOSTM explore development kit. It consists of a 16 x 16 transducer array and a 
control board. The piezoelectric transducers (muRata MA40S4S) have a resonance frequency of 
40 kHz. The provided software tools allow the generation of different pre-defined sound field 
distributions. The sound field of all measurements presented here was focused stationary on a single 
focal point at a distance of 20 cm centered above the array. With a normalized intensity parameter,
defined by the control software, the sound intensity could be adjusted between the values 0 (no sound)
and 1 (maximum acoustic power).

2.2 Measurement Microphones
Measurements for sound field characterization were carried out using different microphones at 

different laboratories in order to examine the influencing factors of microphone selection, 
measurement setup and the entire measuring chain on the results. The specifications of the 
microphones used by Robert Bosch GmbH and by Physikalisch-Technische Bundesanstalt (PTB) are 
given in Table 1.

Table 1 – Specifications of the microphones used

Microphone type Microphone 

cartridge

Preamplifier Frequency 

range

(± 3 dB)

Dynamic 

range

Sensitivity Institution

GRAS 46BE IEPE

(prepolarized) 

free-field microphone

1/4" 40BE 1/4" 26CB 4 Hz –

100 kHz

35 dB(A) 

– 160 dB

4 mV/Pa Robert 

Bosch

GRAS 46DD IEPE 

(prepolarized) 

pressure microphone

1/8" 40DD 1/4" 26CB 6.5 Hz –

140 kHz

52 dB(A) 

– 175 dB

0.62 mV/Pa Robert 

Bosch

GRAS 

(externally polarized)

pressure microphone

1/8" 40DP 1/4" 26AS 6.5 Hz –

140 kHz

52 dB(A) 

– 178 dB

1 mV/Pa PTB

1/4" and 1/8" measurement microphones were used for appropriate spatial resolution when 
scanning the sound field and to keep the influence of the directivity of the microphone as low as 
possible (5). The 1/4" free-field microphone set has a higher sensitivity and a lower intrinsic noise than 
the 1/8" microphones. The free-field microphone is designed to determine the sound pressure as it was 
in the absence of the microphone. In contrast, the 1/8" microphones as pressure devices measure the 
actual sound pressure on the surface of the microphone´s diaphragm, including sound pressure 
disturbances induced by the microphone itself. Since in the present case measurements are made under 
free-field conditions, the measured values determined with the 1/8" pressure microphones must 
undergo a free-field correction. As advantages over the 1/4" microphone, the 1/8" microphones offer a 
higher dynamic range, a wider frequency range and, due to their smaller diameter, a better spatial 
resolution including a lower influence of the directivity. A disadvantage of the 1/8" microphones is the 
lower signal-to-noise ratio of the measurement.
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2.3 Measuring Quantities
As characteristic values for the evaluation of the measurements, the acoustic properties given in 

Table 2 were used. These measuring quantities are generally used in literature for the evaluation of 
airborne ultrasound exposure on users.

Table 2 – Measuring quantities and guiding limits (5,6,7,8)

Symbol Term Guiding limit  

Zeq,Terz Z-weighted energy-equivalent continuous 

sound pressure level in one-third octaves

110 dB

Zpeak Z-weighted peak sound pressure level 140 dB

As a measure in a limited frequency band around the 40 kHz center frequency of the carrier signal 
the one-third octave level Zeq,40kHz was used, whereas the peak sound pressure level Zpeak was
applied as a broadband measuring quantity covering the whole frequency range including also higher 
harmonics.

Several standards and regulations issued by various institutions and valid in different countries 
exist which recommend ultrasound exposure limits. The guiding limits given in Table 2 are considered 
as a general consensus in literature (5,6,7,8). These values are derived for workday exposure
conditions and hold at workplaces. Some published standards have exposure time limits and others do 
not (6,7). Increased limit values for reduced time are based on the “equal energy hypothesis”, which is 
applied in the audible frequency range. It is not proven, if this hypothesis is also valid for ultrasound 
exposure. It is therefore recommended to adhere to the conservative standards that define guiding
values independent of exposure duration (6).

3. FOCAL POINT MEASUREMENT RESULTS
For the measurement results presented in this section one of the microphones was placed in the 

focal point, respectively. The intensity parameter was varied between 0.1 and 1.0 and the focal 
pressure signal recorded. Due to the nonlinear propagation effects, higher harmonics occur in addition 
to the carrier frequency. Preliminary investigations had shown that at least the first harmonic of
80 kHz should be sufficiently captured by the bandwidth of the measuring chain. Therefore, the data 
acquisition was done at Robert Bosch GmbH using a sampling rate of 384 kHz (measurement module
GIM 282, ZODIAC DATA SYSTEMS GmbH) and at PTB with a sampling rate of 192 kHz (Data 
Translation DT 9847).

In Figure 1 a comparison between the recorded pressure time signals at the geometrical focus for 
the two microphones GRAS 1/4" 46BE and GRAS 1/8" 46DD is given. The measurements were 
performed with attached microphone protection grids. No free-field correction was made for the 
results of the 1/8" microphone in that case. 
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Figure 1 – Comparison of pressure-time signals for two different microphones (intensity setting = 0.8). 

Measurements done with microphone protection grid.

A 200 Hz amplitude modulation of the ultrasonic carrier signal can be seen. There are clear 
differences in the results of the two microphones both in terms of amplitude and signal shape. This is 
caused by the overestimation of the high frequency components due to the pressure microphone as 
well as by the influence of the microphone grid. Figure 2 shows for the same microphones the 
comparison of the measured one-third octave sound pressure level Zeq,40kHz with and without grid as 
a function of the intensity setting.

Figure 2 – Influence of the microphone protection grid on the measured one-third octave sound pressure level 

Zeq,40kHz as a function of the intensity setting. The grid leads to an overestimation of the measured values, 

where the effect on the 1/4" microphone is greater than on the 1/8" microphone. In this case no free-field 

correction for the pressure microphone has yet been taken into account.

The microphone protection grid leads to an overestimation of the measured pressure (9),
independent of intensity. The effect varies in its impact for both microphones. In addition to the 
influence on the frequency response, the protection grid also has an influence on the microphone 
directivity at ultrasonic frequencies. For this reason, all further measurements were carried out without
the grid.

Figures 3 and 4 compare the measurement results of the three microphones for the two acoustic 
parameters. The recorded raw signals were weighted with the respective transfer functions and the 
measurement data of the pressure microphones obtained a free-field correction. Overall, a very good 
agreement of the measurement results can be seen.
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Figure 3 – One-third octave sound pressure level Zeq,40kHz measured at the focal point as a function of the 

intensity parameter setting. The results of the three different microphones show an excellent agreement with 

a maximum deviation of less than 0.6 dB. The measurements were carried out on different days and in 

different laboratories at Robert Bosch GmbH and PTB.

Figure 4 – Peak sound pressure level Zpeak measured at the focal point as a function of the intensity 

parameter setting. For intensity parameters up to 0.8, the results of the three microphones show very good 

agreement with a maximum deviation of about 1 dB. For the highest intensity range, larger deviations result 

because the dynamic limit of the 1/4" microphone was reached here. The measurements were carried out on 

different days and in different laboratories at Robert Bosch GmbH and PTB.

4. SPATIAL SOUND FIELD DISTRIBUTION
Besides measurements at the focal point, the spatial sound field distribution in areas in the vicinity 

of the focal point was also determined. For this purpose, the sound field was scanned in high resolution 
at different cutting planes. A computer-controlled 3D positioning system with three linear axes was 
used for automated scanning. The zero point of the coordinate system used corresponds to the center of 
the array surface. The focal point is located 200 mm above the center of the array (( , , ) =(0,0,200)) and thus, the array is located in the (x, y)-plane at z = 0.

Figure 5 depicts the sound field distribution measured in the ( , )-plane and in the focal plane
(( , , 200)-plane) at maximum intensity setting. The measurements were done with the 1/8" 40DP 
microphone using the PTB portal scanner. The spacing of the measuring points was 1 mm in a region 
of , = ±20 mm or , = ±20 mm around the geometrical focus and 5 mm outside. In propagation 
direction (( , )-plane) the focal volume has a conical shape with long extent. A sharp focus in lateral 
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direction can be seen from the results in the focal plane. Besides the strong main lobe, pronounced side 

lobes around the symmetry axes occur which are caused by the quadratic array arrangement. On the 
symmetry axes and in the ( , )-plane the guideline limit for , is clearly exceeded in a large 
area. There are additional maxima with zones of high sound pressure levels clearly outside the array 
area. These grating lobes appear because the spacing between the array elements is greater than a
wavelength. The diameter of the transducers is in the order of the wavelength, leading to a directive 
radiation pattern with a considerable part also in horizontal direction. Therefore due to the directivity 
pattern of the single elements and the array factor constructive interferences in undesired directions
occur generating grating lobes with noticeable energy. The described effect also becomes clear in the 
illustration of the axial distribution in Figure 6. In addition to the narrow main lobe with a diameter 
(full width at half maximum) of about 14 mm grating lobes occur at a distance of approximately 
200 mm away from the array center. 

Figure 6 – Axial distribution of one-third octave sound pressure level Zeq,40kHz measured at z = 200 mm and

maximum intensity setting. Measurements were done with 1/8" 40DP microphone using the portal scanner of 

the PTB.

Figure 5 – Spatial distribution of one-third octave sound pressure level , measured in ( , )-plane 

(left) and ( , )-plane at z = 200 mm (right) at maximum intensity setting. Measurements were done with 

1/8" 40DP microphone using the portal scanner of the PTB.
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The basic physical approach to generate a localized low frequency sound source by modulating a 
focused ultrasonic carrier signal becomes very clear from the results in Figure 7. Here the measured 
pressure signals in the focal plane ( , , 200) at maximum intensity setting are evaluated at different 
frequency bands. The measurements were performed at the Robert Bosch GmbH, using the 1/4" 46BE 
microphone and a 3D positioning unit. The spacing of the measuring points was 0.5 mm in a region of , = ±20 mm around the center and 1 mm outside. The frequency bands with the specified nominal 
center frequencies represent the 200 Hz modulation frequency, the 40 kHz carrier frequency and the 
harmonic component at 80 kHz. The results demonstrate the ability to generate a focused sound field 
with a low frequency component by modulating an ultrasonic carrier and use of nonlinear effects. The 
existence of higher harmonics is also the result of nonlinear effects. In a purely linear system, neither 
the modulation frequency nor a harmonic component would occur in the frequency spectrum of a 
modulated carrier signal. Compared to the spatial distribution at 40 kHz center frequency the 
maximum of the harmonic field component is about 12 dB lower.

Figure 7 – Spatial distribution of one-third octave sound pressure level , evaluated at the frequency 

bands with the specified nominal center frequencies according to the 200 Hz modulation frequency (left), the 

40 kHz carrier frequency (middle) and the 80 kHz harmonics (right).

5. CONCLUSIONS
The strongly focused airborne ultrasound fields with very high sound pressures characterized in 

this study require a careful selection and use of suitable measurement microphones. When measuring 
without a protection grid and applying a free-field correction for pressure microphones, very good 
agreement between the measured sound pressure levels can be achieved with both 1/4" and 1/8"
microphones. In terms of spatial resolution and when multiple harmonics need to be considered, 1/8"
microphones are preferred.

With regard to user exposure the guiding limits are clearly exceeded in the focal region as well as 
far outside the geometrical focus due to the effect of grating lobes in the operation mode of a stationary 
single focal point considered in this study. The intended use of the investigated ultrasonic array is to
create haptic feedback by projecting one or multiple focal points on user’s hand. Further investigations
under real use conditions including shielding effects by user’s hand are necessary to evaluate the 
potential exposure of users to hazardous high ultrasound pressure values.

80 kHz40 kHz200 Hz
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Completing the traceability chain for airborne ultrasound
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Abstract
Measurements of sound should be supported by measurement references traceable to the International System
of units. Traceability for measurements at frequencies in the audio range are well covered by existing standards,
this means that traceability should be extended to cover measurements in the ultrasound region. Recent advances
in free-field calibration of microphones have made it possible to determine the absolute sensitivity of working
standard microphones up to 150 kHz. Microphones calibrated using this technique can be used as references
to calibrating other types of microphones by direct comparison whenever possible. Most microphones used in
airborne ultrasound measurements are free-field microphones, hence determining their free-field sensitivity is
enough. However, most microphones are calibrated using a single (low) frequency measurement using a sound
calibrator, their electrostatic actuator response and a model-based free-field correction. Traceability for the latter
two is not always sufficiently documented. Absolute pressure calibration using the reciprocity technique at high
frequencies can be challenging because it brings the technique to its limits. Direct comparison is limited to
the frequency range in which references calibrated using primary methods are available. This paper presents
an account of the current methods for calibration of microphones at ultrasound frequencies, their potential, and
prospects.
Keywords: Microphone calibration, Traceability of measurements

1 INTRODUCTION

(a) (b)

Figure 1. (a) Laboratory Standard microphones. Left: Laboratory Standard microphone type 2 (LS2). Right:
Laboratory Standard microphone type 1 (LS1); (b) Working standard microphones. Left: GRAS type 40BF
microphone. Right: Brüel & Kjær type 4136 microphone (equivalent to type 4939).

The unit of sound pressure, the pascal (Pa) is realised through the determination of the sensitivity of mea-
surement microphones, particularly the so-called Laboratory Standard (LS) microphones, whose geometrical and
acoustic characteristics are defined in the standard IEC 61094-1 (See Figure 1a) [1]. The sensitivity can be
determined either in a pressure field (when a uniform sound pressure is applied on the membrane of the mi-
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crophone) or in a free field in which the microphone is subjected to a plane propagating wave; the basis of the
calibration is the described standards IEC 61094-2 and IEC 61094-3, respectively [2, 3].
From a metrological point of view, Airborne Ultrasound has remained for a long time a gray subject. On
the one hand, the matter presents enticing technical and scientific challenges encountered when extending the
frequency range of primary and secondary calibration methods to higher frequencies, that is, the establishment
of absolute measurement references, and the dissemination of their accuracy via an uninterrupted traceability
chain towards devices used in actual measurements. On the other hand, it has been set aside because the
institutions dedicated to establish these references, the National Metrology Institutes (NMIs), tend sometimes to
act reactively rather than preemptively concerning the needs for new measurement standards, and it can always
be argued that applications and manufacturers producing instrumentation used in these applications will always
move faster than the Metrological community producing an number of transducers, signal conditioners, adapters
that pose challenges to the unique definition of measurement references. Figure 2 shows an illustration of the
hierarchical traceability chain from absolute (primary) calibration to user measurement devices.

Figure 2. Illustration of the metrological traceability for Acoustical measurements.

This can be exemplified by examinating the capabilities declared by NMIs in the subject of Sound in Air,
there are only few entries covering frequencies above 20 kHz and none above 40 kHz [4]. Figure 3 shows a
graphical representation of the status quo concerning the cover of frequency ranges and uncertainties for acoustic
measurement references.
Cooperation between NMI’s and users of ultrasound measurements can help to extend the range covered by
primary calibrations. An example of such cooperation has been the EARS projects [5, 6] which were partially
devoted to investigate the effects of ultrasound in humans both in terms of perception and on the effects of
exposure to ultrasound in industrial settings and in public spaces. The interest on the effects of ultrasound
emitted by readily available domestic appliances, industrial machines, and communication systems has also been
materialised in the publication of an special issue in the Journal of the Acoustical Society of America devoted
to Airborne Ultrasound [7].
This paper presents a brief description of recent efforts to extend the frequency range of primary (absolute)
calibration of measurement microphones at ultrasound frequencies, up to 100 kHz to 150 kHz. Most of these
efforts have been devoted to the determination of the free-field sensitivity but the need of disseminating the
accuracy of primary calibrations makes necessary to validate the measurement tools used for transferring this
accuracy to measurement microphones.

2 FREE-FIELD CALIBRATION
The development of measurement references in ultrasound has been focused on the determination of the free-
field sensitivity of measurement microphones at frequencies above 100 kHz [8, 9]. These studies have in com-
mon the introduction of a new reference microphone. The free-field response of Laboratory Standard micro-
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Figure 3. Illustration of the uncertainty and frequency range covered by Primary calibrations in the BIPM-
KCDB for Acoustical measurements.

phones loses metrological estability above 40 kHz, this makes it necessary to use microphones that cover a
larger frequency range. These microphones are colloquially known as quarter-inch microphones, and their elec-
troacoustic characteristics are described in the International Standard IEC 61094-4 under the Working Standard
Microphone type 3 (WS3) category [10]. Figure 1b shows an example of these microphones.
Besides the microphones, there is a number of adaptations to measurement systems, signals and data processing.
One of the most relevant is the use of microphone adapters. Laboratory and Working Standard microphones of
type 1 and 2 have a well defined ground-shield reference configuration that is used on almost any available
preamplifier or transmitter unit in the market. In order to use WS3 microphones with these instruments, it
is necessary to use adapters which typically do not have the ground-shield configuration recommended in the
standard [10]. (see Fig. 4a).
The introduction of different adapters will result in differences in the free-field sensitivity, and, possibly, in
larger distortion due to the stray capacitance introduced by the un-shielded adapter. This is shown in Figure 4b.
This figure shows the experimental estimate of the free-field sensitivity of a WS3 microphone when used with
different adapters, and the manufacturer data for the same microphone.
It can clearly be seen that there is a bias in the most of the frequency range for two of the adapters, while
one seems to follow the manufacturer data more closely. This bias is most likely to be caused by the absence
of a guard all the way around the contact pin in the adapter (B&K type UA0035). Results with he adapter
GRAS type RA0019, which geometry is very similar to the B&K UA0035 are also shown. According to the
manufacturer, the guard should be longer than in the B&K UA0035 however, not coming all the way out around
the contact pin. The sensitivity obtained with this adapter has a smaller bias, however it is still significant. A
third adapter (B&K type WA0031) does actually have a guard ring around the contact pin. However, the
quarter-inch section has been severed, and only the transition from half-inch to quarter-inch remains. The free-
field sensitivity level obtained with this adapter does not show a significant a bias. It is necessary to take the
manufacturer data only as an indication due to the lack of information about the measurement procedures used
to determine the frequency response. Regardless, agreement between this data and the reciprocity estimate is
quite good, and clearly indicates that the best way to proceed is to have an adapter with the proper geometry
and shield configuration.
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(a)

(b)

Figure 4. (a) Some commercial adaptors for WS3 microphones. Notice the absence of shielding around the
contact pin in the adaptors to the left and in the middle. (b) Free-field sensitivity level of a WS3 microphone
Brüel & Kjær type 4939 obtained using different adapters: a) the continuous blue line is the sensitivity obtained
using an adapter Brüel & Kjær UA0035, b) the red dash-dotted line is the sensitivity obtained using an adapter
GRAS type RA0019, c) the black dotted line is the sensitivity obtained using an adapter Brüel & Kjær WA0031,
and d) the line with circle markers is the free-field sensitivity provided by the manufacturer.

An alternative to the use of adapters is be to use a quarter-inch preamplifier with insert-voltage capabilities on
the receiver side, and similarly, to use a quarter-inch transmitter unit. However, there are no transmitter units
of this size. A quarter-inch transmitter unit could be built ad hoc but no attempts have been carried out in this
direction. Rather, long adapters with the recommended guard configuration have been developed [9].
A fact is that there exists a wide variety of geometry and configurations of the electric guard for quarter-
inch preamplifiers and adaptors, and that any calibration should be made compatible and consistent with the
configuration used in the actual measurments or calibrations. It is clear that a standardization effort is needed
to ensure interchangeability of devices and the dissemination of the accuracy of calibration.
All in all, at this stage it seems clear that the determination of the absolute free-field sensitivity of a WS3
microphone can be made under the assumption that microphone and adapter are a single unit, and that they are
to be used together for measurement or calibration purposes.

3 PRESSURE CALIBRATION
From the body of applications for Airborne Ultrasound, it can be said that the vast majority involves measure-
ment in free field or quasi free field in open spaces rather than in small, closed cavities. This would make
the pressure calibration at high frequencies rather unnecessary, or at most, a matter of academical interest.
However, the number of microphones calibrated in a free field is rather small. Manufacturers of measure-
ment microphones will recommend the use of a combination of a normalised electrostatic actuator response
determined as prescribed by the standard IEC 61094-6[11], a low-frequency estimate of the pressure sensitivity
(usually determined with a pistonphone or a sound calibrator), and a free-field correction (the latter being the
difference between the free-field response and the pressure response or the actuator response); this is apparently
a reasonable, practical solution. However, there are some issues that must be considered when this solution is
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implemented.
The first one is that the actuator response does not necessarily represent the pressure response of the micro-
phone, but rather the mechanical response, and that around the resonance frequency of the microphone, the
actuator response is affected by the load of the radiation impedance on the acoustic impedance of the micro-
phone.
The second consideration is that the provided free-field correction may not be accompanied with sufficient infor-
mation about its uncertainty at each frequency. Furthermore, the correction is locked to a particular combination
of actuator type and microphone type. This means that the user or the calibration laboratory must ensure that
the current actuator response is carried out with the same type of microphone and actuator that were used for
determining the original correction.
Considering that the current body of work has solved partially the lacking of traceability for free-field calibra-
tion, some efforts should be put onto solving the lack of traceability for the electrostatic actuator response, or
to at least validate it. A straightforward solution to this problem, is to determine the pressure sensitivity in an
absolute manner, that is, by means of the reciprocity method.
The absolute calibration of microphones using the reciprocity method is described in the standard IEC 61094-2
[2]. A study on pressure calibration of WS3 microphones described an implementation of the pressure reci-
procity technique for the calibration of such microphones [12]. The study included a comparison with other
realisations, including electrostatic actuator measurements, and an optical (Laser Doppler Vibrometry) method
described earlier as well [13, 14]. Figure 5 presents the results of the application of the three methods onto
microphones WS3 GRAS type 40BP.

Figure 5. Pressure respons of a WS3 microphone GRAS type 40BP obtained using methods: a) the continuous
magenta line is the estimate obtained using an reciprocity, b) the continuous blue line is the estimate obtained
using measurements of the membrane velocity using LDV, c) remaining lines are the estimate of the response
using different types of electrostatic actuators

4 SECONDARY CALIBRATION
One can safely assume that not all microphones will be calibrated using primary methods. Once Sound Pres-
sure references have been established by primary means, its accuracy must be transferred to secondary standards
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and to measurement devices used in field studies and test laboratories. This is done by means of comparison
calibration methods. There are standards for free-field comparison calibration [15] and for pressure comparison
calibration [16]; there is also the electrostatic actuator method [11]. These methods could also be used for cal-
ibrating other microphones or measurement devices using these standards. There are, however, some challenges
in their implementation.
A challenge, which applies both to pressure and free-field calibration, is the large variety of measurements mi-
crophones that are available in the market. The variety of adapter/preamplifier configurations multiplies at this
level. Furthermore, the way connectivity to measurement devices is realised adds to this variety. Manufacturers’
offer include fixed microphone-preamplifier sets, using the traditional interface or feature the IEPE standard (In-
tegrated Electronics Piezo Electric) such as the ICP R©, CCLD R©, and Deltatron R©. These variations put some
additional requirements on the side of calibration laboratories that must be able to calibrate such configurations,
and from the user that must clearly specify which configuration they are going to use the transducers to the
calibration laboratory.
Another issue that can be relevant when measuring in a free field is whether the microphone has been calibrated
with or without the protection grid on. At primary level, the membrane of the microphone is fully exposed to
the sound field (without grid). In practical measurements, it will be difficult to argue with and convince the
measurement engineer to use the microphone without grid. The influence of the grid can be significant in
the frequency range of interest. Figure 6 shows the free-field response of a some microphones commercially
available, also with and without grid.

Figure 6. Free-field sensitivity level of a variery of WS2 and WS3 microphones.

A last matter that must be taken into account is that the higher the upper frequency limits are set for free-field
comparison, the more difficult to find sound sources that are stable and with a well defined frequency response.
It is no trivial task to find a source that can be used up to 150 kHz.
Pressure comparison calibration at frequencies above 20 kHz is rather unexplored, mainly because of the lack of
references above 30 kHz, and comparison couplers for higher frequencies. The standard IEC 61094-5 includes
some suggestions to calibrate WS3 microphones but the scope is limited to one type of microphone. Hence the
need to further validate the electrostatic actuator method with primary calibration of WS3 microphones.
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5 CONCLUSIONS
The current state of the art concerning the establishment of measurement references at frequencies that cover
Airborne Ultrasound has been described, and discussed. Major advances are concentrated in free-field cali-
bration. Laboratories have described procedures and results from free-field reciprocity calibration of Working
Standard type 3 microphones.
Pressure reciprocity calibration has also been investigated. The main goal being the validation of the pressure
response obtained by other measurement methods such as electrostatic actuator.
Dissemination of the accuracy of primary methods can be carried out using comparison methods. Further inves-
tigation of comparison calibration is needed in order to establish a solid traceability chain to primary standards.
Furthermore, formal comparisons among NMIs under the auspice of the BIPM-CCAUV need to be run in order
to formalise the publication of CMCs covering the airborne ultrasound area.
Figure 7 shows what an expectedly updated traceability CMC status should look like once further investigations
and comparisons are completed.

Figure 7. Updated status of the CMCs covering primary and secondary methods for airborne ultrasound mea-
surements.
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ABSTRACT 
The standard clinical test of hearing is pure-tone audiometry, which measures the lowest detectable level of 
pure tones, typically between 0.25 and 8 kHz. There is increasing interest in extended high-frequency (EHF) 
audiometry, above 8 kHz. Basal (high-frequency) cochlear regions are especially sensitive to the effects of 
ageing, with a rapid increase in EHF thresholds with age. However, even across young adults, the variability 
in EHF sensitivity is remarkable: EHF thresholds can vary by over 50 dB between individuals with normal 
hearing in the standard clinical range. The cause of this variability is not fully understood. While there are 
calibration difficulties due to resonances in the ear canal, this cannot explain the extent of the variability. 
Some studies suggest that the EHF region is especially sensitive to noise damage, and that EHF loss might be 
an “early warning” of the potential for losses at lower frequencies, but the evidence is inconsistent. There is 
better evidence that EHF thresholds are particularly sensitive to the effects of ototoxic drugs. There is also 
evidence that EHF loss is associated with speech perception difficulties, although this may not be causal: 
EHF loss may instead be a marker for sub-clinical damage at lower frequencies. Understanding the causes 
and consequences of EHF hearing loss remains an important challenge. 
 
Keywords: Audiometry, Hearing Loss, Extended High Frequencies 

1. INTRODUCTION 
Clinical hearing testing is based on pure-tone audiometry (PTA), which involves measurements of 

hearing thresholds over a range of test frequencies. Testing rarely extends to frequencies above 8 kHz. 
For example, the British Society of Audiology recommends testing between 250 Hz and 8 kHz (1). 
These standard measures have a wide range of practical uses, including clinical diagnosis, and 
occupational hearing health monitoring. Standard PTA is also used extensively in hearing research, for 
assessment of hearing loss and as a screening tool for participants. However, there is increasing 
interest in measuring hearing thresholds at frequencies above 8 kHz, up to as high as 20 kHz: the 
“extended high-frequency” (EHF) range. Even if losses in the EHF region do not have a substantial 
effect on perception directly, they may act as an “early warning” of the potential for hearing loss at 
lower frequencies, and they may also act as a marker for deficits that do not affect the audiogram in the 
standard range (“sub-clinical” deficits). 

The variability in EHF thresholds is remarkable, even among listeners with clinically normal 
hearing. Some of this variability may result from problems of calibration in the EHF range, due in part 
to individual differences in ear canal anatomy which affect standing wave interference patterns. This is 
particularly an issue for insert earphones, although even in this case calibration issues probably don’t 
account for more than about 20 dB of the variance in thresholds (2, 3). Figure 1 shows mean hearing 
thresholds for a group of young listeners from a recent study in our laboratory, using circumaural 
headphones designed for EHF testing. The error bars show clearly how much more between-subject 
variability there is at EHFs than at lower frequencies. Also shown are thresholds for two listeners with 
similar thresholds in the standard clinical range, but wildly different hearing thresholds in the EHF 
range. Both these listeners would be categorized as having “normal hearing” if they visited an 
audiologist, but it is obvious that their hearing abilities differ greatly in the EHF region. What does this 
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tell us about the hearing of these individuals? 
 

 
Figure 1 – Mean hearing threshold as a function of frequency for a group of normal-hearing listeners, 19-39 

yrs (black circles). Error bars show +/- 1 standard deviation. The purple squares and green triangles show the 

results for two listeners with very similar thresholds up to 8 kHz, but markedly different thresholds above 8 

kHz (in the EHF range).  

2. EHF THRESHOLDS AS AN EARLY WARNING OF HEARING DAMAGE 

2.1 Effects of Age 
Hearing deteriorates as we age, from early adulthood onwards. A “ski-slope” loss in the audiogram 

is characteristic of the effects of ageing, with high frequencies affected much more than low 
frequencies. The EHF region is particularly sensitive to ageing. In one study, mean hearing losses at 16 
kHz were greater than 20 dB for listeners aged 30-39 years compared to listeners aged 15-19 years, 
even though thresholds up to 8 kHz were almost unchanged in this age range compared to the younger 
listeners (4). Figure 2 shows a typical pattern of hearing thresholds as a function of age, using data 
from our laboratory. Age-related hearing loss is due in part to a reduction in the endocochlear potential, 
which degrades hair cell function. However, lifetime noise exposure and the effects of ototoxic drugs 
compound the effects of age per se (5). These two causes tend to affect the cochlear base, and hence 
increase the loss at high frequencies, leading to a steeper increase in hearing loss with frequency.  

The utility of EHF monitoring for the effects of age per se are questionable at present, since we 
have no clear means yet of halting or reversing the decline. However, EHF testing may be useful for 
assessing, and preventing, damage due to noise exposure or ototoxicity, as described in the following 
sections. 
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Figure 2 – Mean hearing threshold as a function of frequency for groups of young (19-39 yrs), middle-aged 

(40-59 yrs), and elderly (60-74 yrs), participants. 

2.2 Effects of Noise Exposure 
Noise exposure damages the sensitive hair cells in the cochlea, particularly the outer hair cells 

which are responsible for amplifying the motion of the basilar membrane; a process that is essential for 
normal hearing sensitivity. Noise-induced hearing loss (NIHL) is traditionally associated with an 
audiometric “notch” between 3 and 6 kHz (the feature is a notch, since audiograms are usually plotted 
with lower thresholds at the top). This corresponds to the region of the cochlea that is maximally 
stimulated by broadband stimuli after filtering by the middle ear. However, several studies suggest that 
EHF thresholds may also be especially sensitive to noise exposure and that EHF threshold elevation 
may occur before any effects in the standard clinical range, although the findings are mixed and other 
studies show little relation (6). A possible reason for the negative findings is the difficulty of 
estimating lifetime noise exposure reliably (6), since the estimates are largely based on self-report and 
depend on what events are included and how noise levels are calculated (7). It is particularly important 
to determine if EHF threshold elevation is a useful predictor of future hearing loss in the standard 
clinical range. If so, this would make EHF thresholds a valuable tool for monitoring hearing health, for 
example, in occupational settings, and EHF testing could be used to screen for individuals at risk of 
losing hearing ability due to recreational activities.    

Recently, there has been considerable interest in “cochlear synaptopathy;” a loss of synapses 
between inner hair cells and auditory nerve fibres that is caused by noise exposure or ageing in animal 
models (8), and that can occur in the absence of any elevation in hearing threshold (i.e., the loss would 
be sub-clinical in humans). The main measure of cochlear synaptopathy in humans is wave I of the 
electrophysiological auditory brainstem response (ABR), which reflects auditory nerve function. 
However, attempts to find associations between noise exposure and ABR wave I in humans have been 
mixed, with the majority of studies showing no relation (9). Some of the positive studies have not 
controlled for EHF thresholds. ABR wave I is strongly affected by basal cochlear generators, and 
hence an NIHL in the EHF region could cause a reduction in wave I that is misinterpreted as 
synaptopathy. Another possibility, however, is that an EHF loss is a marker for synaptopathy in a lower 
frequency region (10). If so, then EHF testing might have utility for the diagnosis of synaptopathy.  

2.3 Effects of Ototoxic Drugs 
As described above, ototoxic drugs such as the chemotherapy medication cisplatin, tend to cause 
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more damage to the base of the cochlea than to the apex. There is good evidence that ototoxic drugs 
particularly affect EHF thresholds, and that EHF threshold monitoring is a valuable tool for early 
identification of hearing loss due to these drugs, at least for patients with measurable thresholds in this 
range (11).  

3. EHF THRESHOLDS AND SPEECH PERCEPTION 
Speech identification is the main purpose of hearing for most humans, and hence serves as the key 

exemplar of a “real-world” hearing task for comparison with other measures of auditory ability.  In 
particular, speech identification in the presence of an interfering background noise is a good test of 
general hearing ability, and arguably the most significant difficulty experienced by listeners with a 
hearing impairment. Despite the ubiquity of PTA for hearing testing, it is well established that standard 
PTA is a poor predictor of speech identification in noise across listeners  (12). PTA clearly does not 
capture well the essential auditory and cognitive deficits that are associated with poor performance on 
one of the most important real-world listening tasks. Hence other measures are required to understand 
the mechanisms that underlie the differences between individuals.  

There is some evidence for an association between deficits in speech identification in noise and 
elevated EHF hearing thresholds, independent of loss in the standard audiometric range (13, 14). Note 
that this does not imply that there is a direct causal relation between the two. There is some evidence 
that frequency components between 8 and 10 kHz improve the quality of speech and provide useful 
information for consonant recognition, especially if the low frequency components are degraded (15). 
EHF components also contribute to the localization of speech stimuli, in particular for determination 
of sound elevation (16). However, there is little evidence that frequencies above 10 kHz contribute to 
speech perception directly. Hence, it is possible that the relation between EHF thresholds and 
speech-in-noise performance observed in some studies may be because EHF loss is a marker for 
sub-clinical deficits at lower frequencies (14). These deficits might include sub-clinical hair cell 
damage and cochlear synaptopathy (see Section 2.2).  

4. SUMMARY 
EHF testing shows considerable promise for monitoring hearing health, particularly for patients on 

ototoxic medication, and possibly also for listeners exposed to occupational or recreational noise. 
EHFs may be important in localizing sounds. However, there may be little direct impact of EHF losses 
on real-world tasks such as speech perception. Instead, EHF loss may be a marker for sub-clinical 
deficits at lower frequencies. 
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ABSTRACT
Recent revelations about ambiguities in guidelines for very-high frequency sound and ultrasound require 
many everyday devices to be revisited in terms of guideline compliance. One device that has a high 
ultrasound component but is designed for audio broadcast is a parametric array. Acoustic radiation for 
commercial parametric arrays was measured at a distance of 3.5 m in an anechoic chamber. The output of the 
device is compared against three international regulations and guidelines for ultrasound exposure. The 
authors found that the device was not compliant under the conditions tested in the laboratory.

Keywords: Ultrasound, Noise Exposure, Guidelines

1. INTRODUCTION

1.1 The rise of ultrasound
Recently, the number of devices that exploit ultrasound in our daily lives have increased (1). The 

availability of a wide variety of ultrasonic devices has increased as the cost for such devices have 
dropped. Ultrasonic parking sensors have revolutionized the automotive industry and we might soon 
see virtual keyboards with haptic feedback provided by ultrasonics (2).

The possible adverse effects that are claimed to be due to ultrasound exposure include annoyance, 
dizziness, nausea, anxiety, and hearing loss (3-5). The thresholds for onset of these symptoms and the 
frequencies to which individuals are sensitive vary widely (6, 7), making the determination of 
exposure guidelines difficult. Many of the guidelines that are in existence are based on limited data 
and lack a broad participant pool (1).

Despite the large number of devices used in public, there are few reported source levels for 
ultrasonic sources. Recent studies have been seeking to fill that gap (8-11). These studies provide half 
the key to safeguarding wellbeing, the other half being studies that determine the threshold of adverse 
effects (3, 12, 13). This paper expands on a previous study of ultrasonic deterrents (8) to include 
parametric arrays. 

1.2 Parametric arrays
A parametric array is a sound source that uses high amplitude non-linear effects to create an 

acoustic signal with a very tight beamwidth. The first parametric arrays were underwater sources and 
have been heavily studied since the theory was introduced in the 1960s (14). The first known study of 
parametric arrays in air (15) was published in 1975, however they are now widely available 
commercially. Parametric speakers generally have a very narrow beamwidth, which makes them ideal 
for public spaces such as museums or positioned next to advertisements where the owner wants the 
signal to be audible to only a subset of an audience in a room.

1.3 Guidelines and ambiguities
Several reviews exist concerning regulations and guidelines intended for ultrasound and audible 

1 C.N.Dolder@soton.ac.uk
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signals (1, 8, 16). Here guidelines concerning ultrasound in air above the 20 kHz third-octave-band 
(TOB) will be reviewed briefly. The expected highest levels produced by parametric arrays (all dB 
with a reference pressure of 20 μP) are going to be above the 20 kHz TOB. It is important to note, 
however, that most audible guidelines also apply to ultrasonic signals, since ultrasound extends down 
to 17.8 kHz and most guidelines and regulations concerning audible sound extend up to 22.4 kHz. The 
Occupational Safety and Health Administration (OSHA) in the USA publishes a set of 
recommendations (17) for ultrasound exposure in the workplace. The exposure level for each third 
octave band is assessed against a ceiling value (CV) which is defined as the “exposure limit that 
should not be exceeded even instantaneously” (18). This level is not the instantaneous or peak sound 
pressure level (SPL), but the TOB SPL from a sound level meter set to the slow detection setting, 
which indicates an averaging over a one second period. These CVs are shown in Table 1. One 
ambiguity in these guidelines is that they report they are based upon implies these levels can be 
increased by 30 dB if the subject’s head is not in direct contact with the source (for example via water). 
Increasing the levels by that amount has been highly criticized (1, 8).

Table 1 – Ceiling values for OSHA and ICNIRP guidelines for occupational (Occ.) and public (Pub.) 

exposure.

OSHA ICNIRP ICNIRP

TOB [kHz] Occ. [dB] Occ. [dB] Pub. [dB]

20 105 75 70

25 110 110 100

31.5 115 110 100

40 115 110 100

Other guidelines(19) are published by the International Non-Ionizing Radiation Committee of the 
International Radiation Protection Association (ICNIRP). Unlike the OSHA guidelines, these contain 
recommended CV levels for both occupational and public exposure as summarized in Table 1.

2. METHODOLOGY
The measurements presented here were recorded at the same time as measurements previously 

published (8) elsewhere. Recordings were made in the anechoic chamber at the Institute of Sound and 
Vibration Research at the University of Southampton, which was commissioned to have free field 
radiation up to 20 kHz, where it is certified to a 1 dB tolerance. The source was mounted on a pedestal 
which was covered with absorptive material to minimize reflections. A microphone was positioned on 
axis from the source 3.5 meters away. This is a practical distance at which such a speaker could be 
used, but a practical application would be in an environment with significant reflections. An anechoic 
chamber was used to minimize the effect of interference from reflections on the measurements.

A calibrated B&K type 4191 microphone was used in conjunction with a type 2669 preamplifier 
and a type 2690 Nexus signal conditioner. The Nexus has a built-in 100 kHz low-pass filter. The 
analog signal was digitized on a National Instruments USB-6212 16-bit recording system with a 
sampling rate of 250 kHz. The microphone was calibrated between 20 kHz and 50 kHz by the National 
Physical Laboratory (NPL). Calibration tones were recorded before and after the measurement session 
with an agreement within 0.02 dB.

The parametric array was a generic commercial unit that is expected to be representative of many 
commercial devices available. Measurements were made with a broadband input noise on both high 
and low gain settings.

3. RESULTS
A summary table of the sound pressure levels (SPLs) measured are presented in Table 2. There are 

inherent ambiguities in the application of an A-weighting and Z-weighting. Here both are applied with 
a rectangular filter with a high-frequency cut-off at the top of the 20 kHz TOB. The difference in the 
A-weighted output from the device between the low and high gain settings is 10 dB. Despite that,
there is only 1 dB difference in the pump signal, which is at 40 kHz. A spectrum showing the 
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broadband noise, the modulated signal, and the pump frequency are shown in Fig. 1.
Table 2 – SPL in dB (re: 20 μPa) of the A and Z weighted signal between the 20 Hz and 20 kHz TOBS and 

the SPL of four TOBs.

Source Condition A-SPL Z-SPL 20 kHz 25 kHz 31.5 kHz 40 kHz

Param. - H gain 64 66 53 56 69 118

Param. - L gain 54 59 53 56 63 117

Figure 1 – Spectral density of microphone recording 3.5 m away from parametric array outputting 

broadband noise.

4. CONCLUSIONS
The pump signal recorded exceeds all guidelines discussed for the 40 kHz TOB. The only 

possibility for passing the OSHA guideline is if one interprets the guideline such that 30 dB can be 
added. The device exceeds the public exposure guidelines by at least 17 dB. The author is unaware of 
any legal requirements to prevent this exposure in public spaces and standard SPL meters are not 
required to be sensitive above 20 kHz. If someone suffered an adverse reaction for exposures to these 
levels it is unlikely that they would be able to identify the speaker as the source of the problem. A 
recent review of ultrasound exposure (1) suggested manufacturers should be held responsible for 
whether devices meet international guidelines and should be required to test and publish the results. 
More studies need to be conducted to determine the appropriate safe exposure levels.
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Perforated Backplate for Nonlinear Acoustic Applications 
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ABSTRACT 
This paper proposes a capacitive transducer to realize a thin airborne ultrasound phased array for nonlinear 
acoustic applications. The generation of high-intensity ultrasound requires a displacement of several 
micrometers of a diaphragm. Conventional capacitive transducers with parallel-plate structure have not 
achieved this because a thin air layer between the electrodes prevents the diaphragm from vibrating. We 
have solved the problem by providing perforations at a backplate electrode. The air between the diaphragm 
and the perforated backplate can travel freely through the perforations when the diaphragm vibrates. We 
drove the proposed transducer by controlling the amount of electrical charge stored in the diaphragm. This 
driving method can prevent the pull-in phenomenon. In the experiment, a prototype transducer, with a 
thickness of 334 μm, emitted 392 Pa (RMS) on the surface when driving at 51 kHz. The diaphragm 
vibrated with an average amplitude of 3 μm (RMS). 
 
Keywords: Capacitive airborne ultrasound transducer, High-intensity, Perforated backplate 

1. INTRODUCTION 
High-intensity airborne ultrasound has a diverse range of applications, such as for parametric 

speaker(1), noncontact tactile display(2–4), air flow control(5), and acoustic manipulation(6–9). 
Typical devices for the above applications comprise airborne ultrasound phased arrays (AUPAs), 
using commercial piezoceramic transducers. They can provide arbitrary waveforms with a high 
temporal resolution by electrically controlling the phase of each transducer. Meanwhile, the existing 
AUPAs have practical problems, such as their thickness and low efficiency. Solving these problems 
is necessary for the expansion and practicalization of AUPA applications. 

Many thin AUPAs have been developed, such as devices based on piezoelectric transducers(10), 
capacitive transducers(11), and thermoacoustic transducers(12). However, those piezoelectric and 
capacitive transducers cannot generate high-intensity airborne ultrasound because they are generally 
designed for sensing applications. The thermoacoustic transducer can generate high-intensity 
airborne ultrasound, although its energy efficiency remains to be improved. 

The goal of this work is to realize a thin AUPA with high intensity and high efficiency. The target 
driving frequency is higher than 40 kHz, in reference to the typical piezoceramic transducers. In the 
previous study, we developed a single capacitive transducer that generates approximately 420 Pa 
(RMS) at the surface and achieved an electro-acoustic energy conversion efficiency of 55% at 44 
kHz when the DC voltage was 500 V and the amplitude of the AC voltage was 150 V(13). This 
transducer achieved the above characteristics by using a fine mesh electrode knitted with a metal 
thread as the backplate. 

In this paper, we propose a practical structure of the capacitive transducers applicable to the 
AUPA. The proposed transducer adopts a parallel-plate structure with a perforated backplate. This 
transducer can be driven with a lower voltage than the mesh electrode type. We experimentally 
showed that the prototype transducer generated high-intensity airborne ultrasound. 

                                                        
1 kamigaki@hapis.k.u-tokyo.ac.jp 
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2. Problems in Parallel Plate Structure 

Figure 1 shows a typical capacitive transducer driven by electrostatic force (ESF) when the AC voltage 
is applied with the DC voltage. The RMS sound pressure generated from the transducer  [Pa] is 
determined by the diaphragm displacement, given by the following equation, assuming that the uniform 
diaphragm oscillates with a simple harmonic motion: 

 (1) 
where  [rad/s] is the angular frequency,  [kg/m3] is the air density,  [m/s] is the acoustic velocity in 
the air, and  [m] is the average RMS displacement of the diaphragm. This equation shows that higher 
frequencies decrease  to obtain the same . For example, in our measurement,  is 5 μm at the 40 
kHz piezoceramic transducer (T4010A1, NIPPON CERAMIC CO., LTD.) driven by a sinusoidal voltage 
with 12 V amplitude, assuming  = 1.2 kg/m3 and  = 340 m/s. To obtain the same intensity at 80 kHz,  
is 2.5 μm. The existing parallel-plate transducers have not achieved the above displacement due to the three 
factors described below. 

2.1 Discharge between Electrodes 
Increasing the electric field intensity (EFI) between the diaphragm and the backplate electrode 

contributes to increasing the diaphragm displacement because the ESF increases with the proportional 
square of the EFI. The applied voltage is limited to a discharge voltage decided by the air gap D [m] 
and the internal pressure  [Pa]. The discharge voltage in the parallel-plate structure  [V] is 
obtained by Paschen’s law, given by: 

 (2) 

where  and  [(Pa m)-1] are constants determined by the gas between the electrodes, and  [-] 
is the number of electrons emitted from a cathode by -action. Figure 2(a) shows the numerical 
calculation results of  and the EFI against D based on Eq. (2). This figure shows that the increase 
of the EFI without discharge can be achieved by shortening D. 

2.2 Viscosity Loss in Air Layer 
The loss in the structure should be as small as possible compared with the radiated power to 

obtain high efficiency. The decrement of D enables a higher driving force, according to Fig. 2(a). 
However, extremely shorting D in the airtight structure, as shown in Fig. 1, increases the inevitable 
loss in the structure due to viscosity in the air layer. The thermal conduction loss also contributes to 
the efficiency, but it is minor compared with the viscosity loss.  Figure 2(b) shows our numerical 
calculation result of the electro-acoustic conversion efficiency, considering the air viscosity and 
thermal conduction. This graph shows that increasing D contributes to higher efficiency, which is a 
trade-off against increasing the EFI. 

2.3 Pull-in Phenomenon 
The pull-in phenomenon is a well-known problem with the parallel-plate structure. The 

diaphragm becomes immobile by sticking to the backplate when a predetermined voltage is applied 
between the electrodes. To avoid pull-in, it is necessary to apply the voltage within the range where 
the diaphragm displacement does not exceed /3. The cause of this phenomenon is the collapse of 
the force balance acting on the diaphragm, i.e., the ESF becomes larger than a restoring force due to 
the diaphragm stiffness. 

Capacitive transducers using the pull-in phenomenon have been proposed(14,15). These methods 

 
Figure 1 – Typical structure of capacitive transducers. 
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can generate a higher sound pressure than those without pull-in, but their sound pressure is outside 
the scope of the target sound pressure. 

3. Proposed Transducer 

Figure 3 shows the proposed structure of a single transducer to solve the problems. The proposed 
structure is realized by arranging periodically repeated spacers in one direction between a series of  a 
diaphragm and a perforated backplate electrode. The air gap between the diaphragm and the backplate 
is set to 10 μm to secure the diaphragm displacement, assuming that the driving frequency is higher 
than 40 kHz, as mentioned in Section 2. This distance supplies a high EFI. The air between the 
diaphragm and the backplate can travel freely through the perforations when the diaphragm vibrates. 
Therefore, the proposed structure can increase the driving force with suppression of the viscosity 
loss. 

To ensure the diaphragm displacement without the pull-in, we propose a driving method by 
controlling the charge amount. The proposed method repeats storage and dissipation in the structure 
every half of the driving cycle. The stored and dissipation time is sufficiently short, compared with 
half of the driving cycle. The ESF is constant regardless of the electrode distance because the stored 
electrical charge is constant. Thus, the diaphragm can be attracted towards the backplate without the 
pull-in. When the electrical charge is dissipated, the diaphragm lifts the outside air by diaphragm 
stiffness. The push-pull circuit realizes the driving method. 

Many capacitive transducers with a perforated backplate have been proposed. However, they are 
not suitable for generating high-intensity ultrasound because their air gap is typically shorter than 1 
μm. 

4. Experiments 

4.1 Prototype Transducers 
Figure 4 shows the prototype transducer by laminating the diaphragm on a stainless structure. The 

diaphragm was a 4.4-μm-thick aramid film (Mictron, TORAY INDUSTRIES, INC.) deposited with 
30-nm-thick platinum. The stainless structure comprises three stainless steel plates of different 
thicknesses (SHIN-EI SANGYO CO., LTD). The top and bottom layers were spacers, and their 

 
Figure 3 – Cross-sectional view of a proposed structure with a perforated backplate electrode. 

 
(a)                                      (b) 

 
Figure 2 – Numerical calculation results of: (a) discharge voltage VB and its electric field against the air 
gap D, and (b) energy efficiency of the parallel-plate structure against D. 
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thicknesses were 10 μm and 300 μm, respectively. The spacer width was 150 μm with the interval to 
the next spacer was 850 μm. The middle layer was a 20-μm-thick perforated backplate. The 
backplate had repeated rectangular openings of 80 μm × 500 μm. We selected the dimensions after 
theoretical consideration in reference to (16, 17) because they contribute to the air viscosity loss. 

The total movable area of the diaphragm was 10.1 mm × 10.5 mm. We minimized the peripheral 
area where the diaphragm and stainless structure overlap out of the movable area. Furthermore, we 
covered the peripheral area by placing a 1-mm-thick acrylic plate with a 10.1 mm × 10.5 mm 
aperture on the prototype surface so that sound waves from the peripheral area do not affect the 
measurement sound pressure. We inserted a 12.5-μm-thick insulating film (Kapton 50EN, DU 
PONT-TORAY INDUSTRIES, INC.) between the diaphragm and the stainless structure to prevent 
discharge. 

We fabricated two kinds of transducers to obtain the contribution of the diaphragm stiffness to the 
generated sound pressure. One type is the diaphragm with applied external tension in one direction. 
The other type is the diaphragm without external tension. The value of the external tension was not 
quantified because the tension was applied by the author’s hand. We fabricated two transducers of 
each type. 

4.2 Experimental Results 
We measured the generated sound pressure within the applied voltage range where no discharge 

occurs. A standard microphone (4138-A015, Bruel&Kjaer) was set 20 cm above the transducer and 
the sound pressure was obtained by an oscilloscope (DCS-1074B, TEXIO CORPORATION) 
connected to the microphone through an amplifier (NEXUS Conditioning Amplifier, Bruel&Kjaer). 
We confirmed that interference is negligible by measuring the sound pressure fluctuations when the 
microphone was moved from the original position. The push-pull circuit was used to drive the 
prototype transducer. The storage and dissipation time was one-eighth of the driving cycle.  

First, we obtained the frequency characteristics of each transducer. The applied voltage for the 
transducer was 100 V when the diaphragm was at the initial gap. Figure 5 shows the frequency 
characteristics of the four prototype transducers.  The RMS sound pressure  observed at 20 cm 
above each prototype transducer was calculated by Fourier transformation. The result shows a peak 
at 51 kHz when the diaphragm was with applied external tension, and the peaks around 86 kHz exist 
regardless of the external tension. 

Next, we obtained the contribution of the applied voltage to the generated sound pressure at the 
peak frequency of both types (V2 in Fig. 5), i.e., 60 kHz and 88 kHz in the case without the external 
tension, and 51 kHz and 86 kHz in the case with the external tension. The experimental setup was 
the same as the first experiment. The applied voltage was from 50 V to 300 V when the diaphragm 
was at the initial gap. Figure 6(a) shows the RMS sound pressure  observed at 20 cm above each 
prototype transducer and Fig. 6(b) shows the calculated RMS sound pressure at the prototype surface 

, following the theoretical relationship between the device surface pressure and pressure in the 
air (18). The maximum  was 392 Pa at 51 kHz when the maximum voltage was applied to the 
transducer. In this time, the average displacement of the diaphragm was approximately 3 μm, as 
calculated using Eq. (1). 

 
(a) (b) 

 
Figure 4 – (a) Photograph of a prototype transducer; (b) Cross-sectional view of the prototype 
transducer. 
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4.3 Discussion 
In the first experiment, the peaks occur at around 86 kHz regardless of the external tension state. 

It is assumed this is due to the resonance of the perforated backplate. We analyzed the resonant 
frequency of the backplate supported by the spacers, using ANSYS 19.1(ANSYS Inc.), and 
confirmed that the resonant frequency was 83 kHz. In the second experiment, the generated sound 
pressure at 51 kHz increased proportional to the approximate square of the applied voltage according 
to the principle, whereas the other did not increase according to the principle. This reason is not 
obvious, and the dynamic mechanism in the large-amplitude operation is still unclear. 

5. Conclusions 
In this paper, we proposed a practical capacitive transducer for AUPA. The proposed transducer, 

with a perforated backplate, enhanced the ESF with the suppression of the viscosity loss. The 
transducer emits airborne ultrasound by controlling the amount of electrical charge accumulated in the 
diaphragm. In the experiment, we obtained 392 Pa (RMS) at 51 kHz. In the future, we will measure 
the electro-acoustic energy efficiency and clarify the mechanism.  

 
Figure 5 – Frequency characteristic of each prototype transducer. The sound pressure was obtained at 20 
cm. 

  
(a) (b) 

 
Figure 6 – Applied voltage contribution to generated sound pressure. (a) Sound pressure obtained at 20 
cm, (b) sound pressure at prototype surface. 
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ABSTRACT 

The purpose of this research is to clarify the state of hearing high frequency sound and to ensure safety and 
consideration for young people including children. In this study, we measured the hearing threshold of high 
frequency pure tone for 4 college students aged 21 to 24 and high frequency sound in the train together with 
conducting demonstration experiment and auditory sensation. From the measurement results of the high 
frequency pure tone audible range, we could confirm everyone in the 4 people was able to list up to 16 kHz 
and 3 out of 4 people were able to listen up to 22 kHz although there were individual differences in the 
threshold value. Moreover, during the demonstration experiment and the auditory experiment in the train we 
could confirm that some people feel uncomfortable after hearing the high frequency sound. This time there 
were four participants in the experiment, but this number was sufficient to clarify the exposure condition of 
high frequency sound and its influence became clear in everyday life. 
Keywords: High frequency noise, Environment, Annoyance, Hearing threshold, Train noise 

1. INTRODUCTION 
In recent years the high frequency sound has been widely applied at various industries in our 

everyday life such as sensors, medical equipment, welding etc. and the number of occasions when 
people are exposed to high frequency without knowing is increasing. The products including the high 
frequency components do not use high frequency as it is, but several products intentionally generate 
it. As an example, there are mouse and stray cat repellers, or moreover repellers of young people 
hanging around in the downtown. These are high-frequency sounds with a sound pressure level 
exceeding 100 dB [1]. They use high frequency sounds around 18 kHz to 22 kHz, or higher, and in 
most cases such devices are designed with consideration for the human audible range (20 Hz to 20 
kHz). Also, it has been reported that high-level high-frequency sound is included in railway noise [2], 
[3]. In some cases, it is possible to identify the source, but recent studies have revealed that high-
frequency sounds with sound pressure levels exceeding 80 dB are often observed even in urban 
environments with a wide variety of sounds mixed [1, 4].  

On the other hand, among systematic studies on the effects of high frequency sound exposure on 
living organisms there are few researches on exposure studies and measurement methods for high 
frequency sounds, however the researches on hearing of high frequency sound has been conducted by 
several research groups. The target auditory of such studies is the university students and adults, and 
almost no reliable data on hearing targeted on young auditory has been reported.     However, in the 
study by Ueda et al. [4], we conducted experiments for children and young people, and found the 
audible sound for all of eight children participating was up to 22 kHz, while all young people could 
listen up to 16 kHz. Furthermore, we draw the conclusion, the higher the frequency is, the more it 
feels "noisy" or "uncomfortable". Basing on these results, we concluded that it is necessary to consider 
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whether enough safety and consideration for high frequency sound exposure to young people 
including children as well as adults in daily life is taken.  

Therefore, in this research, we aimed at obtaining data with higher reproducibility by conducting 
experiments with people with higher listening ability of high-frequency sounds basing on the listening 
experience of train running sound which was taken at the Hiroe’s research. For this reason, the author 
conducted the experiments concerning hearing of high-frequency sound in the moving train at first, 
and after that, similar listening was conducted for 4 university students from 21 to 24 who measured 
the high frequency audible range in the soundproof room. By conducting such experiments, we 
investigated the actual condition of high frequency sound exposure in the train.   

2. MESURMENT OF SOUND FIELD

2.1 Outline of preliminary measurements 

At first, in order to clarify the generation status of high frequency sound in the train, we actually 
took the train and carried out actual measurement. Before the survey, we confirmed whether author 
can hear the high frequency sound by using the measuring application on smartphone. It turned out, 
that high frequency sound of 18 kHz can be heard.   

Surveyed was the section between Hon-Atsugi and Ebina stations on the Odakyu Odawara line on 
both up and down lines. The survey period was three days from September 25 to 27, 2018, and a total 
of 20 surveys were conducted. We targeted on 3 kinds of trains – local, express and rapid express. 
The survey method was confirmation by the author own ears and the record of the running sound 
observed in the train. For the measurements inside the train, we used a compact, inconspicuous PCM 
recorder (KENWOOD, MGR-E8) and recorded the in-vehicle sound with a sampling frequency of 96 
kHz and Z (flat) characteristics. The survey was conducted twice - the primary and the secondary 
survey. Fig. 1 shows the target sections of the first and second surveys. In the primary survey section 
surrounded by the red continuous line in the figure, there are two curved tracks (A, B in Fig. 1) and 
one railway bridge between Hon-Atsugi and Atsugi. 

Fig.1－Target section in survey 1 and 2 (Hon-Atsugi – Sagami-ono Stations up and down lines) * A to F 

in the figure indicate curved trajectories. © CCBYSA / OpenStreetMap contributors 
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2.2 Results of measurements 

First, as a result of the first survey, a lot of high frequency sounds were confirmed in the curves 
around Atsugi station (A, B in FIG. 1). Furthermore, as a result of analyzing the recorded data, it was 
found that high frequency sounds in the vicinity of 35 kHz actually occurred from 20 kHz. Figures 2 
and 3 show examples of analysis results. Next, the distribution of points where high-frequency sound 
was heard Re survey 2 is shown in Fig.4. Similarly to survey 1, although it was not possible to hear 
on the straight line, there were total of 6 curved tracks between Atsugi station and Sagami Ono station 
"Hon-Atsugi station" near (A), "Atsugi station" near (B), "Zama – Soubudai-mae" There are a total of 
6 curved tracks of 1 place (F) and 3 places (C, D, E) between "Ebina station and Zama station". At 
five of the above station the high frequency sound was recorded with frequency of more than 10 times. 

Fig. 2－FFT analysis result of survey 1 (A: Hon-Atsugi - Atsugi). 

Fig. 3— FFT analysis result of survey 1 (B: Atsugi ~ Ebina). 
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Fig.4—The place of occurrence between Atsugi station and Sagamiono station. 
© CCBYSA / OpenStreetMap contributors 

3. AUDITORY EVALUATION FOR COLLOGE STUDENTS Intellectual Property

3.1 Outline of auditory experiments 

In this auditory experiment, in order to verify whether the high frequency sound can be heard in 
the train or not, after checking the hearing threshold for the high-frequency sound in the soundproof 
room, we actually took a train and conducted a listening experiment as in the surveys 1 and 2.    

3.2 Measurement pf pure tone hearing thresholds of high frequency sound 

First, in order to confirm the degree of hearing of the high frequency sound of the experiment 
participants, the pure tone auditory threshold was measured in the soundproof room. There were 4 
experiment participants (3 male, 1 female) from 21 to 24 years old. 

The test sound used for measuring the threshold was repeatedly presented at a cycle of once per 
second with a windowing (Hanning) with onset and offset for sinusoidal wave 200 ms and steady-
state part 600 ms respectively. The frequency was tested on 11 sounds at 1 kHz, 2 kHz, 4 kHz, 8 kHz, 
12 kHz, 14 kHz, 16 kHz, 18 kHz, 19 kHz, 20 kHz, 22 kHz in total. As shown in Fig. 5, it was 
reproduced from a speaker (YAMAHA, MSP 3) located 500 mm away from the front of the 
participant's face. To measure this pure tone hearing threshold, the limit method of ascending sequence 
was used. In the limit method, there are disadvantages that measured values are susceptible to 
cognitive bias such as prediction and beliefs, and constant method and adaptation method are often 
adopted to avoid this. However, on the other hand, the constant method and the adaptive method 
require dozens of operations to obtain one measurement value. Moreover, there is a disadvantage that 
the restraint time of the experiment participants is extended. For this time, we adopted the extreme 
method which can measure the threshold value in a short time. However, we tried to avoid the 
influence of cognitive bias etc. by inserting catch trial as appropriate.  
In the threshold measurement, at first, the limit method of the ascending sequence which starts from 
a sufficiently low level which cannot be heard by experiment participants was used. The level increase 
per time is 3 dB, and the listener raises a signal once the inspection sound could be heard. The average 
of several times of the presentation level at this time was taken as the minimum audible range value. 
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Fig.5 －Measurement of pure tone threshold of high frequency sound. 

Table 1 shows the average of the measurement results of the high frequency pure tone thresholds 
for each experiment participant. Up to the frequency of 8 kHz, there was no big difference for 4 
people, but a difference began to appear between 1 and 3 other people from 12 kHz, and 
significantly big difference was seen in 4 people over 16 kHz. Even if the experiment participants 
were almost the same age, there was a big difference in the audible range of the high frequency 
sound. It turned out that some people cannot hear if the high frequency sound is not at a high sound 
pressure level or someone cannot hear it even at a high sound pressure level. 

Table 1－Average of the measurement results of the high frequency pure tone thresholds for each 

experiment participant. 

Frequency and 

Participants No. 
1 2 3 4 

1 kHz 22.1 dB 20.2 dB 20.2 dB 21.6 dB 

2 kHz 23.6 dB 20.2 dB 20.2 dB 22.9 dB 

4 kHz 20.2 dB 20.2 dB 20.2 dB 20.2 dB 

8 kHz 24.7 dB 20.2 dB 20.2 dB 22.0 dB 

12 kHz 33.2 dB 20.2 dB 20.2 dB 20.2 dB 

14 kHz 29.3 dB 20.2 dB 20.2 dB 20.2 dB 

16 kHz 41.3 dB 20.2 dB 35.0 dB 22.7 dB 

18 kHz 65.8 dB 44.4 dB ― 30.8 dB 

19 kHz 57.7 dB 43.7 dB ― 39.6 dB 

20 kHz 63.9 dB 38.7 dB ― 35.1 dB 

22 kHz 77.6 dB 42.6 dB ― 57.4 dB 

* "-" indicates that measurement is impossible
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3.3 A field experiment 

Next, the same experiment participants conducted a simple listening experiment in the running 
train to ascertain whether or not high frequency sound can be heard within the train.  

Experiment participants, as in Section 2.1, got on the train in the interval between Atsugi station 
and Sagami-ono stations on the Odakyu Odawara line and checked the position of the train where 
the high frequency sound was heard with Google Maps with ● on the map handed in advance. In 
addition to answering whether it feels unpleasant high-frequency sound heard by ○ or x with a 
side. 

The object of this auditory experiment  was two types of express and local trains. This is 
because the highest auditory frequency of high frequency sounds is at express trains as it comes 
from the frequency on the local trains is the second most. Moreover, the number of times of 
stoppage and vehicle type are different from those of the other two models. 

 

4. CONCLUSIONS 
The purpose of this research is to clarify the state of hearing high frequency sound and to ensure 

safety and consideration for young people including children. In this study, we measured the hearing 
threshold of high frequency pure tone for 4 college students aged 21 to 24 and high frequency sound 
in the train traveling on the Odakyu Odawara Line together with conducting demonstration experiment 
and auditory sensation.  

From the measurement results of the high frequency pure tone audible range, we could confirm 
everyone in the 4 people was able to list up to 16 kHz and 3 out of 4 people were able to listen up to 
22 kHz although there were individual differences in the threshold value. Moreover, during the field 
experiment and the auditory experiment in the train we could confirm that some people feel 
uncomfortable after hearing the high frequency sound. This time there were four participants in the 
experiment, but this number was sufficient to clarify the exposure condition of high frequency sound 
and its influence became clear in everyday life. 

We will continue to increase the number of participants in the experiment and clarify the influence 
on human exposure to high frequency sound exposure. 
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Reconstruction of binaural room impulse responses using spherical harmonics

Maarten HORNIKX(1)
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Abstract
Dynamic virtual acoustic environments based on modelled signals can be based on online or offline calculations
of the binaural room impulse responses. For the former, calculations have to be very fast for a real-time dynamic
experience, while for the latter the storage requirements may become huge. An approach to reconstruct binaural
room impulse responses based on offline calculated impulse responses is proposed here. It relies on a dual-
radius open sphere with receiver points around the listener’ position, allowing to post-process the signals to any
desired head-rotation within the sphere using spherical harmonics. An inverse calculation is done as well, from
the centre of the receiver sphere to a dual-radius sphere around the source position. Based on these calculations,
a plane wave decomposition is applied in the post-processing algorithm to compute the time-dependent angle(s)
of incidence at the receiver and angle(s) of departure at the source, such that the impulse responses at the
receiver dual-radius sphere can be reconstructed for a translated source position. As a result, based on two
room acoustic calculations, the post-processing algorithm allows for head-rotations and source translations in
the virtual environment. Prospects and limitations of this approach will be discussed.
Keywords: Binaural room impulse response, Spherical harmonics, Reconstruction
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Abstract
Time-domain wave-based simulation approaches such as the finite difference time domain (FDTD) method
allow for a complete solution to the problem of virtual acoustics over the entire frequency range, in contrast with
the methods of geometric acoustics which are valid in the limit of high frequencies. They also allow for flexible
modelling of sources and receivers, due to the inherently local nature of the computation, and complete access to
the computed acoustic field over an enclosure. In this paper, a method for the emulation of sources of arbitrary
directivity is presented, framed directly as an inhomogeneous wave equation. The additional terms in the wave
equation take the form of Dirac delta functions and their distributional derivatives, and collections of such terms
may be associated directly with an expansion of source directivity in terms of spherical harmonics. The local
nature of the model implies a locally-defined efficient computational approach for wave-based methods defined
over a spatial grid. Numerical results are presented.
Keywords: virtual acoustics, room acoustics, computational acoustics, source modeling, finite difference
time domain

1 INTRODUCTION
Volumetric time-domain wave-based methods for room acoustics and auralisation purposes were proposed in
the mid 1990s [12, 22, 8, 9]. In such a simulation framework, the time evolution of acoustic field is modeled
in its entirety over the room volume, and the simulation operates as a recursive time-stepping method defined
over a spatial grid. Many varieties are available, including the finite difference time domain (FDTD) method
[30, 25], finite volume methods [4, 6], and pseudospectral methods [14, 17]. In particular, FDTD methods,
defined over regular grids, are equivalent to digital waveguide mesh methods, also proposed for room acoustics
simulation [18]. (The term “wave-based" is also used to refer to non-volumetric simulation methods such as the
boundary element method (BEM) [29], which often operate in the frequency domain.) Time-domain wave-based
methods, which compute an approximate wideband solution to the wave equation over an enclosure, subject
to wall conditions and source excitation, can be viewed in contrast with so-called geometrical acoustics (GA)
algorithms such as ray tracing [16] or the image source method [2], which represent an approximation to wave-
based acoustics in the limit of high frequencies. For audio rate simulation, computational cost is necessarily
high, due to the grid density required (of at most 1 cm resolution), but simulation for reasonable-sized spaces
is now coming within range of commercially-available hardware such as GPUs [27].
Source modeling, in the setting of time-domain wave-based simulation, has been approached by various authors,
usually focusing on omnidirectional, dipole or cardioid source directivities [11, 24, 10, 15, 23, 19]. In some ap-
proaches, there have been attempts at calibrating an FDTD scheme against measured source directivity [13, 26].
In almost all cases above, however, a continuous spatio-temporal model of the underlying system is unavailable;
sources are implemented in an FDTD scheme through the insertion of driving signals at grid locations. In the
interest of greater generality and flexibility, some models of source directivity do employ such a continuous
model, framed as the 3D wave equation accompanied by a driving term which has the form of a Dirac delta
function under repeated differentiation. A source model of this type corresponding to a multipole expansion has
been presented in [5, 3], and allows for a convenient starting point for discretisation, regardless of the particular
choice of method.
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A better choice, which matches well with typical representations of sources in terms of directivity, is a source
model framed directly in terms of spherical harmonics. Such a model is available in a full spatio-temporal form,
in which case source directivity is incorporated into the definition of spatial differential operators applied to a
Dirac delta function which appears as a driving term. Such a model is presented here, accompanied by simple
strategies for discretisation. Numerical results are presented.

2 A SPATIO-TEMPORAL MODEL OF SOURCE DIRECTIVITY
The standard model of wave propagation used in room acoustics is the 3D wave equation:

1
c2 ∂

2
t p−∆p = 0 . (1)

Here, p(x, t) represents the acoustic pressure in an enclosure, as a function of coordinate r = [x, y, z] ∈ R3, and
t ∈R. In this paper, concerned with localised models of sources, the problem is assumed defined in free space,
and wall conditions need not be supplied. c is the wave speed, in m/s, ∂t represents partial differentiation with
respect to time t, and ∆ is the 3D Laplacian, defined in terms of the 3D gradient operation

∇ = [∂x, ∂y, ∂z] (2)

where ∂x, ∂y and ∂z represent partial derivatives with respect to coordinate x, y and z, respectively.
A model including a source with aribitrary directivity has been presented in [3, 5]. Though presented in a
compact tensor form in [5], it may be written in expanded form as

1
c2 ∂

2
t p−∆p =

∞

∑
ηx=0

∞

∑
ηy=0

∞

∑
ηz=0

ψηx,ηy,ηz (t)∂
ηx
x ∂

ηy
y ∂

ηz
z δ

(3) (r) (3)

Here, δ (3) (r) represents a 3D Dirac delta function selecting the source location at r = 0. Each term, indexed
by non-negative integers ηx,ηy,ηz represents the contribution of a single multipole to the corresponding source
directivity, and is accompanied by a distinct driving term ψηx,ηy,ηz (t). For example, the term with ηx = 0,
ηy = 0, and ηz = 0 corresponds, in isolation, to a monopole [20]; that with ηx = 1, ηy = 0 and ηz = 0 to a
dipole oriented along the x coordinate, and that with ηx = 0, ηy = 0 and ηz = 2 to a longitudinal quadrupole
oriented along the z coordinate.

2.1 Spherical Harmonic Representation
The directivity pattern associated with a given term in (3) is, in general, frequency dependent in a nontrivial
way. Each term corresponds, in general, to a frequency-dependent combination of spherical harmonic directivity
patterns. To simplify the representation in (3), and render it more suitable for matching against known directivity
patterns, a spherical harmonic representation of the source term is of great utility.
To this end, consider the family of real-valued spherical harmonic functions Yl,m (γγγ), indexed by integers l ≥
0 and −l ≤ m ≤ l. When written as a function of the components of the unit-length 3-vector γγγ = r/|r|,
Yl,m (γγγ) is a homogeneous polynomial of degree l. For example, Y0,0 =

√
1/4π , Y1,−1 =

√
3/4πγy, Y2,0 =√

5/16π
(
2γ2

z − γ2
x − γ2

y
)
. Define now the spatial differential operator Dl,m in terms of the gradient operator

as defined in (2) as [21, 7]

Dl,m = Yl,m (∇) or Dl,m = ∑
ξξξ∈Vl

σ
(ξξξ )
l,m ∏

ν=x,y,z
∂

ξν

ν , Vl = {v ∈ Z3
+|‖v‖1 = l} (4)

for some coefficients σ
(ξξξ )
l,m . The differential operator Dl,m is homogeneous and of degree l. See Table 1.
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Table 1. Dl,m for l = 0,1,2,3 in Cartesian form.

m\ l 0 1 2 3

-3 · · ·
√

35
32π

(
3∂ 2

x ∂y−∂ 3
y
)

-2 · ·
√

15
4π

∂x∂y

√
105
4π

∂x∂y∂z

-1 ·
√

3
4π

∂y

√
15
4π

∂y∂z

√
21

32π

(
4∂ 2

z ∂y−∂ 2
x ∂y−∂ 3

y
)

0
√

1
4π

√
3

4π
∂z

√
5

16π

(
2∂ 2

z −∂ 2
x −∂ 2

y
) √

7
16π

(
2∂ 3

z −3∂ 2
x ∂z−3∂ 2

y ∂z
)

1 ·
√

3
4π

∂x

√
15
4π

∂x∂z

√
21

32π

(
4∂ 2

z ∂x−∂ 2
y ∂x−∂ 3

x
)

2 · ·
√

15
16π

(
∂ 2

x −∂ 2
y
) √

105
16π

(
∂ 2

x ∂z−3∂ 2
y ∂z
)

3 · · ·
√

35
32π

(
∂ 3

x −3∂ 2
y ∂x
)

An alternative representation for (3) is

1
c2 ∂

2
t p−∆p =

∞

∑
l=0

l

∑
m=−l

cl fl,m (t)Dl,mδ
(3) (r) fl,m = al,m ∗ f (5)

Here, the driving signals fl,m(t) are assumed related to an underlying scalar driving function f (t) through a fil-
tering operation, where ∗ indicates convolution. The filter responses al,m(t) completely determine the directivity
of the source model, as will be shown below.

2.2 Solutions
Consider the basic equation describing a monopole source:

1
c2 ∂

2
t p−∆p = f (t)δ (3) (r) (6)

The well-known solution p(r, t) and its Fourier transform p̂(r,ω), for angular frequency ω (using the sign
convention of Williams [28]) are

p(r, t) =
f (t− r/c)

4πr
p̂(r,ω) =

f̂ eiωr/c

4πr
=

iω
4πc

f̂ h(1)0 (ωr/c) (7)

where r = |r|, and where f̂ (ω) is the Fourier tranform of f (t). h(1)0 is the zeroth order spherical Hankel function
of the first kind.
Through superposition, the solution to (5) is then

p(r, t) =
∞

∑
l=0

l

∑
m=−l

cl fl,m (t)Dl,m

(
fl,m (t− r/c)

4πr

)
p̂(r,ω) =

iω
4πc

f̂
∞

∑
l=0

l

∑
m=−l

cl âl,m (ω)Dl,mh(1)0 (ωr/c) (8)

where f̂l,m (ω) = f̂ (ω) âl,m (ω). Using the identity (not proven here):

Dl,mh(1)0 (ωr/c) = (−ω/c)l Yl,m (γγγ)h(1)l (ωr/c) (9)

where h(1)l is the lth order spherical Hankel function of the first kind leads to the following frequency domain
expression for the solution p̂(r,ω):

p̂ =
iω

4πc
f̂

∞

∑
l=0

l

∑
m=−l

(−ω)l âl,m (ω)Yl,m (γγγ)h(1)l (ωr/c) . (10)
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Dividing by the response f̂ of the source signal leaves an expression for the directivity which recovers the
standard form for the exterior field of a source—see, e.g., [1]. The model (5), however, is expressed entirely in
the spatio-temporal domain, and is a good candidate for discretisation through volumetric wave-based methods
of any type—note that, as yet, no discretisation has been employed.

2.3 Displaced Monopole
An interesting test case is that of the monopole source located at coordinates r = r0, where r0 = r0γγγ0, for a
displacement distance r0 and unit-length direction vector γγγ0:

1
c2 ∂

2
t p−∆p = f (t)δ (3) (r− r0) (11)

In this case, an analytic time domain expression for the filters al,m(t) (necessarily non-causal) in model (5) is
available:

al,m (t) = 4π (−1)l Yl,m (γγγ0)
t l−1
0

2 · (2l)!!

(
1− t2

t2
0

)l

u (t/t0) where u (ξ ) =
{

1, |ξ | ≤ 1
0, |ξ |> 1 t0 = r0/c

(12)

3 FDTD METHODS
Only the most basic FDTD scheme, sometimes referred to as the seven-point scheme, will be described here.
But the method described below can be applied to any volumetric time-domain method.
Consider a grid function pn

q, indexed by integer q ∈ Z3 and n ∈ Z. pn
q represents an approximation to p(r, t) at

t = nT and x = qX . Here, T is the time step, in s (and 1/T is the sample rate), and X is the grid spacing, in
m. The simplest possible FDTD scheme for the general system (5) is

pn+1
q = 2pn

q− pn−1
q +λ

2
∑

e∈Q

(
pn

q+e− pn
q
)
+T 2

∞

∑
l=0

l

∑
m=−l

c2+l f n
l,mdl,msq , Q= {e ∈ Z3|‖e‖1 = 1} , λ = cT/X

(13)
The constant λ is referred to as the Courant number for the scheme, and is bounded by λ ≤ 1/

√
3 for numerical

stability. sq is an approximation to the 3D Dirac delta function, and defined as

sq =

{
1/X3, q = 0
0, otherwise . (14)

The time series f n
l,m result from discrete time convolution between the driving function f n and the individual

spherical harmonic channel filters an
l,m, both assumed known a priori. The discrete operators dl,m are approxi-

mations to the partial differential operators Dl,m, and their construction is described below.

3.1 Discrete Spherical Harmonic Operators
Approximations to the operators Dl,m, as defined in (4) may be obtained by various means—see, e.g., [5].
A basic approach is through standard difference operations. Consider a grid function gq, defined for q ∈ Z3.
Difference operators d+

ν and d−ν , approximating ∂ν , and an averaging operator µ−ν may be defined as

d+
ν gq =

1
X
(gq+eν

−gq) d−ν =
1
X
(gq−gq−eν

) µ
−
ν =

1
2
(gq +gq−eν

) . (15)

Here eν is a unit vector in direction ν .

Consider now the approximation of ∂
ξ

ν , a ξ th spatial derivative in coordinate ν ; ξ may be decomposed uniquely
as ξ = 2Mξ +αξ for integer Mξ ≥ 0 and αξ ∈ {0,1}. A centered approximation dξ

ν follows as

dξ

ν ,
(
µ
−
ν

)αξ
(
d+

ν

)Mξ+αξ
(
d−ν
)Mξ u ∂

ξ

ν , (16)
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Figure 1. Stencils of the discrete operators dl,m, for l = 0,1,2..

Using the expanded representation of Dl,m from (4), one may then arrive at a centered approximation dl,m to
Dl,m:

dl,m = ∑
ξξξ∈Vl

σ
(ξξξ )
l,m ∏

ν=x,y,z
dξν

ν u Dl,m . (17)

See Figure 1 for a graphical representation of the operators dl,m.

4 SIMULATION RESULTS
In this section, some basic results are shown, using scheme (13), operating at 44.1 kHz, over a cube of side
length 2 m.
As a first step, it is useful to regenerate spherical harmonic directivity patterns by exciting only one of the
channels (i.e., setting all filters al,m to zero except for one in the scheme (13)). The scheme is excited by
setting f n to a unit impulse, and then drawing output from a set of receivers located on a sphere of radius 0.3
m around the source location. High-order separable interpolating approximants are used [5] for the receivers
(60 azimuthal by 30 in inclination). The resulting outputs are Fourier-transformed, and directivity magnitude is
as shown in Figure 2 at 2 kHz, for all spherical harmonics up to l = 3.

Figure 2. Spherical harmonic directivity patterns generated using scheme (13) at 44.1 kHz.

As a second example, consider the case of the displaced monopole source, as described in Section 2.3. Here, the
excitation f n is chosen as a Gaussian function, of variance σ = 2×10−4 s, and the displaced source location is
chosen as r0 = [−0.2, 0, 0]. The filters an

l,m are sampled from the exact expressions given in (12). Snapshots of
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the time evolution of the acoustic field are as shown in Figure 3, for different choices of the maximal spherical
harmonic order L.

L = 3

L = 6

L = 9

Figure 3. Snapshots of the time evolution of the acoustic field in the case of a displaced monopole. The
driving term for the FDTD scheme is located within the white circle, and the location of the displaced source
is indicated by a × symbol. Results are shown for a maximal spherical harmonic order of l ≤ L, for L = 3 (top
row), L = 6 (middle row) and L = 9 (bottom row).

5 CONCLUDING REMARKS
A basic model of source directivity has been presented here, intended for use within a volumetric wave-based
simulation framework. As such, the model is expressed entirely in the spatio-temporal domain, as an extension
of the 3D wave equation. Such a model lends itself easily to a time stepping method defined over a regular
Cartesian grid, as presented here, but the model in (5) does not require this. Operation over unstructured grids is
also possible, requiring some approximation to the derivatives of the Dirac distribution. As with all wave-based
methods, such a model naturally reproduces near-field effects.
Regardless of the particular discretisation method, however, an important feature is that the approximation to
the source is local, and thus not computationally costly. Indeed, for the simulation scenario presented here, the
computational cost associated with the incorporation of a source term in the scheme (13) is far less than the
cost of the operation of the scheme over the problem interior. Such a localised source model is also flexible,
in the sense that it may be placed independently of any consideration of room boundary conditions, and also
that, once the appropriate filters an

l,m and spatial difference operators have been determined, the source location
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may be displaced within the simulation volume without any additional computation. In addition, fitting of the
filters al,m against measured directivity patterns may be carried out independently of the particular choice of
time stepping scheme.
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ABSTRACT 
This work presents a new technique to produce fast and reliable auralizations with the computer code RAIOS, 
a room acoustics simulator, product of research development at the Instrumentation in Dynamics, Acoustics 
and Vibrations Lab, State University of Rio de Janeiro. It discusses briefly the hybrid model used in the room 
simulation and the binaural room impulse responses generation technique using artificial neural networks, 
with a significant reduction in computational cost of around 85%. It is shown that the binaural impulse 
responses generated by the classical convolution method and the artificial neural network technique are 
almost indistinguishable. In the sequel, the measured and simulated binaural impulse responses for one of 
the rooms used in the Round Robin 4 simulation code´s inter-comparison is presented, showing a quite good 
agreement.  
Keywords: Fast auralization, Room acoustics simulation, Artificial neural networks 

1. INTRODUCTION 
This work deals with computer simulation of room acoustics and techniques to generate 

auralization at selected points in the room. In general, the computational simulation of room acoustics 
presupposes the requirements of geometric acoustics (1). This means that the sound wavefronts can 
be treated as acoustic rays, which leave the sound source and propagate in the room, reflecting on 
their internal surfaces (2). There are two main ways of modeling acoustic rays: the ray tracing method 
(3,4) and the virtual sources method (5). There are also hybrid algorithms that use the virtual sources 
method for the calculation of the direct sound and first reflections and the ray tracing met hod for the 
computation of the remaining reflections (6). Some commercial software is essentially based on the 
ray tracing method (7), presenting satisfactory results for the monoaural acoustic field. However, as 
already pointed out by many authors (8), the diffuse reflection plays an important role in room 
acoustics by providing a greater uniformity in the sound field (9), but also essential when it is desired 
the auralization for a source-receiver pair. In this case, it seems essential to have a good model to deal 
with diffuse reflections, since the ray tracing technique cannot do so . One of the ways to properly 
model diffuse reflections is the radiosity technique (10). The most effective implementation of this 
model is to store the portion of sound energy diffusely reflected after each specular reflection in a 
matrix whose lines correspond to discrete times and whose columns represent the spatial discretization 
of the room’s contour surfaces in triangular elements. These so-called transition matrices, then, evolve 
by transferring diffuse energy between surface elements of the room, according to the solid angle that 
each one is seen and, of course, the respective scattering coefficients  (11).  

Among the most impressive applications of room acoustics computer simulation it is precisely the 
possibility of generating auralization (12) the most powerful branch of acoustical virtual reality (AVR). 
Reliable auralization  usually to be heard with properly equalized headphones  can provide the 
listener with an authentic sense of sound immersion in the simulated environment. This provides the 
acoustical designer, for instance, with information about the sound quality of the room under analysis 
that would not be possible by only observing the acoustic quality parameters (AQPs) provided by the 
simulator. One could say that the difference between looking to AQPs of a room or alternatively 
hearing its auralization from a given anechoic signal is similar to the difference between reading the 
menu of a good restaurant or tasting its dishes. It is worth noting, however, that the evaluation of an 
auralization, being subjective, i.e., depending on the human interpretation, is still a subject of research 
in progress. Perhaps the most complete work in this area is the spatial audio quality inventory  SAQI 
(13). 
1ratenenbaum@gmail.com 
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 Although 42 different terms in English are considered to qualify the different human sensations 
related to an audio content, there was no pretense of finding objective parameters, i.e., a measurable 
metric estimated by a number. Some alternatives have been published in this direction, using 
articulation scores to evaluate speech intelligibility, comparing actual rooms with their corre sponding 
computational auralizations (14-16). 

The Instrumentation in Dynamics, Acoustics and Vibrations Lab  LIDAV, State University of Rio 
de Janeiro, Brazil, has been developing a research computational code for room acoustics simulation 
aimed at AVR. This code, known as Room Acoustics Integrated and Optimized Software (RAIOS), 
uses a ray-tracing method to model the specular reflections and a transition matrix method to compute 
the diffuse reflections (11). It also produces auralizations for selected source-receiver pairs. In Section 
2, a new technique for generating auralizations is presented, replacing the convolution method with a 
methodology that models the head-related impulse responses (HRIRs) through artificial neural 
networks (ANNs) (17) of the radial basis functions kind (18) with a very significant computational 
gain. In Section 3, the computational cost of the ANN technique is discussed.   
In Section 4, a brief discussion on the results obtained for the computation of filtered HRIRs through 
the convolution method and through artificial neural networks, is compared, showing that the two 
methods present results that are practically indistinguishable from each other. In Section  5, the 
simulation results obtained in one of the rooms used in Round-Robin 4  the 4th international inter-
comparison on room acoustics simulation codes, with auralization  with code RAIOS, are compared 
with the measured results, furnished by the competition organizers. Finally, in Section 6, the main 
conclusions are presented. 

 

2. FAST AURALIZATION WITH ANN TECHNIQUE 
 
Once the acoustic field in the room simulation step is completed, the goal in sequel consists in the 

determination of the room impulse mono (RIRs) and binaural (BRIRs) responses at selected points. 
As regards the calculation of RIRs, it is a question of convert the energy arrival, via Hilbert's transform 
(19) and the adequate filtering in octave bands, in filtered impulse responses, whose computational 
cost is relatively small. In order to compute the BRIRs, however, it is necessary to take into account 
the head-related impulse responses (HRIRs)  or their corresponding in frequency domain, the so-
called head-related transfer functions (HRTFs). In the computational codes that generate auralization, 
this is done via convolution procedure. Each wavefront  or acoustic ray  that reaches a given 
receiver carries three main information: (a) its spectrum, in octave bands; (b) its direction of arrival, 
in azimuth and elevation; and (c) its arrival time. Each wavefront, when leaving the sound source, has 
a flat spectrum. Nevertheless, due to the several reflections with absorption and scattering at the 
room's boundary surfaces, as well as the attenuation due to its propagation in the air during its 
trajectory, reaches the receiver with a filtered spectrum. This must then be multiplied by the HRTF of 
the direction closest to its arrival direction and to the resulting spectrum an inverse fast Fourier 
transform (IFFT) must be applied in order to obtain the filtered HRIR for that wavefront. In the sequel, 
every filtered HRIR must be delayed by its arrival time and the sum of all the filtered and delayed 
HRIRs that reach the receiver will constitute the BRIR for that source-receiver pair. The procedure is 
equivalent to the convolution of the acoustic ray with the HRIR of the corresponding direction and 
henceforth it is called convolution method (CM), or classical method. Figure 1 illustrates the 
procedure. 

The described procedure has the drawback of its computational cost. In fact, the complex product 
between the HRTF of the considered direction with the spectrum of the wavefront that reaches the 
receiver, followed by the fast inverse Fourier transform in two channels to obtain the filtered H RIRs 
presents a high computational cost, mainly taking into account that the number of wavefronts that 
reaches each receiver can be of the order of 105, in a good simulation. However, the delay and addition 
procedures of the filtered HRIRs for the BRIR calculation demand low computational costs. 

The RAIOS computational code uses another technique to generate the BRIRs. The idea is to 
replace the HRIRs/HRTFs database with a set of trained and tested artificial neural networks that 
“learned” previously the HRIRs patterns. In this way, the procedure is all carried out in time domain. 
The radial basis function networks have as input the nine wavefront spectral components in octave 
bands (between 63 Hz and 16 kHz) that reach the receiver. Ten neurons are used in the hidden network 
layer and, at the output, 128 neurons are used, which correspond to the amplitude values of the 
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resulting filtered HRIR. Then, the delay procedure of each filtered HRIR and addition of all these 
functions to obtain the BRIR is identical to that of the convolution method. However, the 
computational cost of the artificial neural network technique is about 15% of the cost of the 
convolution method, as it is showed in next section. Figure 2 illustrates the procedure. 

 

 
Figure 1 – General procedure to produce a BRIR by the convolution method. 

 

 
Figure 3 – General procedure to produce a BRIR by the ANN-RBF technique. 
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At the bottom of Fig. 3 two previously trained RBF-kind ANNs are displayed, one for each ear, for 
the given wavefront direction. In each network besides the nine entries, it is considered an 
intermediate layer with N1 and an output layer with 128 neurons, which are the considered time domain 
samples of the filtered HRIR. 

3. COMPUTATIONAL COST 
In order to examine the numerical efficiency of the convolution method (CM) with that of the RBF-

kind artificial neural network method (ANNM), a comparison is made as to the number of arithmetic 
operations that each technique requires. The number of operations in the convolution method to 
compute the filtered HRIRs equals the sum of two parts. The first one corresponds to the number of 
multiplications between the ray spectrum (in octave bands) and the HRTF. Note, however, that due to 
the HRTF symmetry, only l/2 products, with l being the number of samples, are necessary. The second 
one corresponds to the number of operations for calculating the inverse Fourier transform.  The total 
number of mathematical operations in the convolution method is then given by (21) 

=  
 
It is worth noting that, since the convolution method deals with Fourier transforms, l = 512 samples 

are necessary to preserve information in all octave bands. So, for each filtered HRIR, the 
computational cost in number of arithmetic operations is  

                                    OCM = 23,296.                                         (2) 
The training and testing procedures of artificial neural networks are known to be computationally 

costly. However, the execution phase  particularly the one of the radial basis function networks  is 
quite efficient. The number of operations of the RBF network during the implementation phase is also 
the sum of two parts. The first one is associated to the sum of the number of operations performed to 
compute the output of the activation function of each neuron of the intermediate layer. It can be shown 
(22) that N0 being the number of input entries of the RBF network, N1 the number of neurons of the 
intermediate layer and N the number of retained terms of the Taylor series in which the activation 
function is truncated (23), the number of operations of this part is 

                              (3                                           (3) 
The second one corresponds to the sum of the number of operations to calculate  each neuron of 

the output layer. Being N2 the number of neurons of this layer, the number of sums and products of 
this second part is 

                                N2.                                                                   (4) 
In addition, it is necessary to take into account the cost of normalizing the inputs and the 

subsequent multiplication of the network output by the inverse factor that was used to  normalize the 
input. These procedures require only N0 + N2 multiplications. One can conclude than that the total 
number of operations to generate the output of the RBF network in the ANN method is  

                         
 

Taking now N0 = 9 (nine octave bands), N2 = 128 (minimum acceptable number of time samples) 
and N = 35 (20) one would have 

                                     
 
The computational cost of the artificial neural network method, therefore, is a linear function of 

the number of neurons in the intermediate layer of the RBF network, N1. There is no way other than 
trial and error to check the minimum number of neurons in this layer that still provides good binaural 
room impulse responses. Several tests were performed with N1 ranging from 2 to 30. The best cost-
benefit ratio was found for N1 = 10. That means that the difference between the filtered HRIRs 
calculated by the two methods (CM and ANNM) becomes, for that value of the number of neurons in 
the intermediate layer of the network, imperceptible. The comparative results presented in Section  4 
are computed with N1 = 10. The computational cost in terms of the number of arithmetic operations 
for the method of the RBF-kind artificial neural networks is, then, 

                                            
which corresponds to 15.74% of the number of arithmetic operations calculated in Eq.  (2). The main 
conclusion is that by working directly in the time domain  and avoiding the convolution procedure , 
the computational gain is approximately 84,3%. 
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4. COMPARATIVE RESULTS FOR FILTERED HRIRs 
As mentioned, the convolution technique is the classic BRIR generation method and it is present 

in all acoustic field simulation software with auralization, to our knowledge. Therefore, in order to 
verify the reliability of the method of generating the BRIRs with the artificial neural networks of the 
radial basis function type, a comparison between the two methods is presented in the sequel. Since 
once the filtered HRIRs are generated the procedure is identical, involving the delays and their 
addition to generate the BRIR, the comparison between the two methods will be done among the 
filtered HRIRs. Figures 3 to 10 indicate the filtered HRIRs computed via the convolution method 
(CM) compared with the same functions calculated by the artificial neural networks method (ANNM), 
for eight randomly chosen directions, each one representative of the eight octants that the sphere can 
be divided around the head (φ = azimuth; θ = elevation). In addition to the confrontation of the filtered 
HRIRs, in time domain, their counterpart in frequency domain, both in amplitude and phase, are shown. 
To evaluate the similarity between the functions, it is adopted the normalized correlation coefficient, 
r (21). The similarity between the two functions is better as r is closest to 1. 

 
 

Figure 3 - Filtered HRIRs obtained with CM and ANNM, for φ = 370 and θ = 310. 
 

 
 

Figure 4 - Filtered HRIRs obtained with CM and ANNM, for φ = 120 and θ = 450. 
 

 
 

Figure 5 - Filtered HRIRs obtained with CM and ANNM, for φ = 1040 and θ = 190. 
 

 
 

Figure 6 - Filtered HRIRs obtained with CM and ANNM, for φ = 1560 and θ = 220. 
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Figure 7 - Filtered HRIRs obtained with CM and ANNM, for φ = 2430 and θ = 90. 
 

 
 

Figure 8 - Filtered HRIRs obtained with CM and ANNM, for φ = 1950 and θ = 280. 
 

 
 

Figure 9 - Filtered HRIRs obtained with CM and ANNM, for φ = 3310 and θ = 550. 
 

 
 

Figure 10 - Filtered HRIRs obtained with CM and ANNM, for φ = 2720 and θ = 180. 
 

It can be seen in Figs. 3 to 10 a significant similarity between the graphs, both in time and 
frequency domain, with values of the correlation coefficient very close to one. This indicates that the 
technique of producing filtered HRIRs via artificial neural networks is, aside from faste r, very reliable. 

 

5. MEASURED AND SIMULATED BRIRs IN ROUND ROBIN 4 
Round Robin 4 (RR4) was the last international inter-comparison, so far, involving room acoustics 

computer simulation codes, and the first one with auralization. It was jointly organized by t he 
Technical University of Berlin and the University of Aachen and launched in 2016. In this project, 
information was provided on nine rooms, in a total of 25 different configurations, with geometry, 
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materials, absorption and scattering coefficients of internal surfaces. In addition, databases with the 
HRIRs of the dummy head used in the binaural measurements, for 45 angular positions of rotation 
about the vertical axis of the head above the torso (azimuth) were given. A variable number of sound 
sources and mono and binaural receivers were provided in each room. A database was also provided 
with the directivities (in azimuth and elevation) of two sound sources used. The data are available in 
(24). In all, 114 RIRs and 949 BRIRs were requested as output. Possibly due to the heavy data 
requirement to be calculated in RR4, the number of participant teams (eight) was much lower than in 
RR3 (21). In this section, the comparative results between the measured BRIRs  provided by the 
organizing staff of RR4, after sending simulation results by all participants  and those simulated by 
the LIDAV team using the RAIOS computational code for the room called “chamber music hall” are 
presented. Figure 11 shows part of the room with the positions of sources (LS03 06) and binaural 
receiver (MP6). 

 

 
 

Figure 11 – Room called “chamber music hall” of RR4 with its source and receiver positions. 
Partial view. 

 
In the sequel, the interaural cross-correlation coefficient, IACC, is computed for both measured 

(RR4 organizers) and simulated (RAIOS) BRIRs for the pairs LS03-MP6 (Pair 1), LS04-MP6 (Pair 2), 
LS05-MP6 (Pair 3) and LS06-MP6 (Pair 4). The results are shown in Table 1. 

Table 1 – Interaural cross-correlation coefficient computed for the source-receiver pairs 

S-R Pairs Pair 1 Pair 2 Pair 3   Pair 4 

Measured 0.41 0.43 0.36    0.34 

Simulated 0.49 0.38 0.29    0.29 

Difference      0.08 0.05 0.07   0.07 
 
As can be withdraw from Table 1, the obtained values show to be close (measured versus simulated) 

with two of them greater for the measured BRIRs and the other two for the simulated ones. In all 
cases, the percentual error is below 20%. 
 

6. CONCLUSION REMARKS 
A new technique was proposed to model the filtered head-related impulse responses, which are the 

core of binaural room impulse responses generation with the purpose of auralization production. The 
model is based on artificial neural networks of the radial  basis functions kind and was implemented 
in RAIOS code, resulting in a computational time saving of around 85% in the BRIRs computation.  

As in any procedure of room acoustics simulation, there are two blocks of higher computational 
cost, namely: The calculation of all acoustic wavefront arriving at each receiver; and the computation 
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of the binaural room impulse responses for each receiver. This second computationally costly block 
benefited from the modeling through artificial neural networks, with a significant computational time 
saving, especially if many receivers are under consideration. 

The comparative results between the filtered HRIRs/HRTFs obtained by the classical convolution 
method and by the new model using artificial neural networks showed that the functions are, for all 
practical purposes, indistinguishable, presenting a normalized cross-correlation coefficient practically 
equal to unity, both in time and frequency domains. Although only eight of the 64,442 directions have 
been shown here, for all of them the comparative results are equally accurate.   

The measured and simulated with computational code RAIOS results for one binaural receiver and 
four directional sound source positions were compared for one room of RR4. The simulation was 
performed with the ANN technique and the comparative data of the inter-aural cross correlation 
coefficient show that there is good agreement. Nevertheless, the discrepancies cannot be attributed 
specifically to any one of the many uncertainties in the simulation, such as relative positions, 
scattering and absorption coefficients used, directivity of sources data etc. 
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ABSTRACT
Sound field reproduction aims to create or reproduce a certain sound environment where not only the audio
content, but also the spatial property of the sound field has to be preserved. For a real system which is
usually placed in a “listening room”, the reproduction performance is affected or even destroyed by
superimposing of reflections from walls. As a result, it is important to control the sound energy which
radiates to the space outside the loudspeaker array. Compared with omnidirectional loudspeakers, the use of
variable-directivity loudspeakers can eliminate the exterior field according to the Kirchhoff-Helmholtz
integral equation. This paper investigates the performance of variable-directivity arrays using pressure
matching-acoustic contrast control(PM-ACC) and compares its performance with that of omnidirectional
one.
Keywords: Variable-directivity loudspeakers, Pressure matching, Exterior cancellation

1. INTRODUCTION
Sound field reproduction (SFR) is the process of reproducing a desired sound field to make

person or people in listening region of loudspeaker array experience a virtual sound environment. In
this virtual environment, not only the content of the sound, but also the spatial property of the sound
field needs to be recreated.

An overview of requirements and technical challenges related to audio immersive systems can be
found in [1-2]. Generally speaking, there are three most popular approaches to SFR for modern
reproduction system: Wave field synthesis (WFS) [4], Higher-order Ambisonics (HOA) [5] and the
pressure matching method. Huygen's principle and the Kirchhoff-Helmholtz (K-H) boundary surface
integral equation are theory foundations for WFS method. Reproduction using this method is usually
based on a planar loudspeaker array. HOA method decomposes the primary sound field into spherical
harmonics domain and Mode-matching is often applied to design the loudspeaker signals. For the
pressure matching method proper loudspeaker signals are obtained by minimizing the difference
between target sound pressures (sampled by microphone array) and reproduced sound pressures
stirred by a loudspeaker array at sample points. Usually, a least-square (LS) criterion is used to
design the loudspeaker signals and limit the loudspeaker energy.

However, the performance of a reproduction system placed in the ‘listening room’ suffers much
from superimposing of reflections from walls. Active methods can be applied to compensate the
effect caused by reflections [5], but this compensation requires measurement of the loudspeaker
response at one or more positions for different ‘listening rooms’. Instead, Poletti proposed to use
fixed or variable directivity loudspeakers in sound field reproduction systems to constrain the
exterior sound field energy [6-7]. The loudspeaker signal design was achieved by HOA method. But
the application of HOA method requires a spherical loudspeaker array whereas a more flexible
geometry of loudspeaker array can be taken if we use a pressure matching method approach.

Considering works on multi-zone reproduction techniques [8-10], sound field reproduction with
exterior sound field energy constrain method is proposed and the performance of variable-directivity
loudspeaker array is investigated by simulation. At last, a subjective listening experiment is
conducted to find the border of the reproduction ‘sweet point’ when primary sources are at different

1 dubokai123@mail.nwpu.edu.cn
2 mko@akustik.rwth-aachen.de
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directions. This listening experiment provides some indication on primary sound field sample. The
remaining part of this paper is outlined as follows. The preliminaries and problems are stated in Sec.
2. A proposed reproduction method is described in Sec. 3. Results of the simulation and subjective
experiment are presented in Sec. 4 and conclusions drawn in Sec. 5.

2. Preliminaries and Problem Statements

2.1 Pressure Matching for SFR Problem
For a PM-based reproduction system, loudspeaker elements are at located at Llsl ,...1, r ,

where L is the number of loudspeakers. Coordinates of control points of primary sound field are
Mmbm ,...1, r , where M is the number of control points. In the frequency domain, the sound

pressure at m-th control point stirred by loudspeaker array can be expressed as the summation of
the sound pressure stirred by each loudspeaker of the reproduction array::

)()(
1

, 



L

l
lmlm gwp (1)

where lw is l-th loudspeaker's driving signal and mlg is the acoustic transfer function (ATF)
between the l-th loudspeaker and m-th matching point. For the following part of this paper the
methods are investigated in the frequency domain and the angular frequency  is no longer
indicated.

For the whole reproduction system, the reproduced sound pressure at matching points is
expressed in matrix form:

Gwp rep (2)
where repp is a M by 1 vector of reproduced sound pressure at matching points, w is an L by 1

vector of loudspeaker weights, G is a M by L matrix whose (m,l)-th entry is equal to lmg , .Now, the
LS-based SFR problem goes to solve the an optimization problem: minimizing the squared
approximation error between the target sound pressure desp and reproduced sound pressure prep , namely:

2

2

2

2
minarg: wGwp rep
w

w (3)

where  is a preselected regularization parameter, it is used to avoid obtaining some physical

unrealizable solution (large magnitude), as a result, the driving signal can easily be obtained as:

  despGλIGGw H1H 
 (4)

2.2 Variable-Directivity Loudspeaker
In this paper, loudspeaker radiation is simulated using a variable-directivity approach. For

example, the variable-directivity loudspeaker can be expressed as a weighted combination of
monopole and dipole. Weights of monopole and dipole can be manipulated independently, which
results in variable- directivity of a loudspeaker. Green functions of ideal monopole and dipole are
reviewed as follows.

The sound field generated by an ideal monopole source in the free field can be expressed as:

s
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denotes the position of sound source, the wave number ck / . For

a dipole at position sr

and oriented in direction , sound pressure at any point is expressed as:
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where  is the angle between v and srr 
 . And in order to ensure flat responses down to a

frequency lf , we must keep a distance from any equalized dipole greater than )2/( lfc  [7].

3. Sound Field Reproduction with Exterior Energy Constraint
Figure 1 illustrates a circular reproduction loudspeaker array. In order to achieve the

reproduction and control to energy that radiates outwards the loudspeaker array simultaneously, the
region outside the loudspeaker array should be taken into consideration, additional to the center
region. These two regions are called dark zone and bright zone, respectively.

Figure 1 – A schematic of the sound field reproduction system with exterior energy constrain(red dots

denote loudspeakers).
For the bright zone bS , which is corresponding to the so called ‘listening area’, reproduced sound

field in this circular area should be the same to the desired sound field. On the other hand, sound
field energy in the dark region should to be as low as possible. In practice, the listening and dark
zone can be sampled at discrete points, and sound pressure in these two zones can be expressed as
vectors:

 
 TM

dddd

TM
bbbb

d

b

rPrPrP

rPrPrP

);(...);();()(

);(...);();()(
)()2()1(

)()2()1(












P

P
(7)

Combine what was introduced in Sec 2, the sound filed reproduction and the exterior sound field
energy control turn to two optimization problems:
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where bG and dG are transfer function matrix between loudspeaker and sample points of bright
zone and dark zone. Andw denotes the loudspeakers' weights vector.

3.1 Omnidirectional Loudspeaker
Loudspeaker weights can be solved as weighted combination of these two optimization

problems and finally goes to find the minimum J.
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where parameter a is the weighting factor that determines the relative extent of less mean square
error in bright area and less outwards energy. H denotes the conjugate transpose. This optimization is
a convex problem and therefore J has global minimum and can be obtained using coordinated
descend algorithm. As a result, the optimal solution is :
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3.2 Variable-Directivity Loudspeaker
As mentioned in Sec. 2.2, variable-directivity loudspeaker is a combination of monopole and

dipole loudspeaker where amplitude and phase of these two loudspeakers can be manipulated
independently. As a result, for every variable-directivity loudspeaker, there are two unknown weights
to design. The solution for variable-directivity loudspeaker reproduction system is :
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where u and v are two 1L vectors for monopole weights and dipole weights, respectively. buG is
the acoustic transfer function matrix from the monopole to bright zone control points.

bvG is the
acoustic transfer function from the dipole to bright zone control points. Similarly,

duG and dvG are
transfer function matrix from monopole and dipole to dark zone control points. And 0 is the
regularization parameter to limit the total energy of loudspeakers.

4. Simulation and Subjective Listening Test

4.1 Objective Evaluation
We now present simulations of sound field reproduction using pressure matching with variable

loudspeakers in free field conditions. We use a circular array of 25 loudspeakers which are uniformly
arranged at a radius 1 m in the horizontal plane. The reproduction will be implemented in the central
area of the array. For comparison, omnidirectional loudspeaker array simulation will also be
investigated.

The desired sound field is radiated by a point source placed on the x-axis at [10,0,0]. Due to the
uniformly arrangement of loudspeakers, the error performance was found to be similar for point
source at different angles. Taking the size of the head of a listener, the radius of the bright zone br is
selected to be 0.25 m. The bright and dark zones are sampled with discrete points which distribute
uniformly with distance 6 cm. In order to achieve outwards energy radiation limitation, the dark zone
should be the half space out of the array which is not feasible to sample. In this paper, the dark zone
is only sampled at those points mrm d 35.2  . The corresponding Nyquist frequency is more than
2800 Hz which covers our interest frequency range(up to 900 Hz) well.
4.1.1 Reproduction error

To evaluate the reproduction performance of the system in the listening area, the relative
reproduction error of every point in listening area is defined as mean energy error between primary
sound field prep stirred by the point source and reproduced sound field rep . The final relative error is
expressed in dB, and the exterior sound field relative energy(ESL) is also defined in Eq. (13),
where 0prep is primary sound pressure at the point (0,0).
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4.1.2 Simulation Verification
As mentioned before, a circular array with 25 loudspeakers on the horizontal plane is used as the

reproduction system. The minimum distance of adjacent loudspeakers is 0.26 m. The corresponding
Nyquist frequency is 660 Hz. Figure 1 shows the simulation result about reproduction error and
relative exterior sound field energy for variable-directivity loudspeaker array, reproduced sound
fields on the horizontal plane, the energy and directivity for each variable-directivity loudspeaker
and relative sound field energy of at 200 Hz. The weighting parameter in Eq. 11 is set to be a=0.5.

(a) (b)

(c) (d)
Figure 2 – Simulation for variable-directivity loudspeaker array at 200 Hz.(a) Reproduction error (r<1

m)and relative exterior sound field energy(r>1 m), the red line denotes variable-directivity loudspeaker

array and the blue line denotes monopole loudspeaker array.(b) Reproduced sound field(real part) (c)

Directivity and energy of variable-directivity loudspeakers.(d) Exterior and interior sound field relative

energy.

As what can be observed in figure 2 (a), compared with monopole array, the variable-directivity
loudspeaker array achieves both sound field reproduction in the bright zone and exterior sound field
energy control in the dark zone at 200 Hz,. In the bright zone, the reproduction error is below -30 dB
but the number for monopole one is around -8 dB. And when we move on the exterior sound field
relative energy, the value of variable one goes down to -30 dB in 1 m away from the array but the
monopole one decreases to around -20 dB at 1.5 m and goes down continue but slowly. This means,
for the variable-directivity sound field reproduction system, the reproduction performance in the
bright zone of the area will be less affected by reflections from the walls (if walls are in sampled
dark region)when this array is placed in a ‘listening room’. The energy of the sound field is
constrained to be in the array rather than propagates outwards(refer to figure 2(d)).
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Figure 3 shows the related reproduction performance of the array at 900 Hz which is higher than
the Nyquist frequency(660 Hz) of the array.

(a) (b)

(c) (d)

Figure 3 – Simulation for variable-directivity loudspeaker array at 900 Hz. (a) Reproduction error (r<1

m)and relative exterior sound field energy(r>1 m), the red line denotes variable-directivity loudspeaker

array and the blue line denotes monopole loudspeaker one. (b) Reproduced sound field(real part). (c)

Directivity and energy of variable-directivity loudspeaker. (d) Exterior and interior sound field relative

energy.

Similar to the result at 200 Hz, variable-directivity loudspeaker array still shows better performance
than the monopole one. Its reproduction error is less than -20 dB in the bright zone and exterior sound field
relative energy is -30 dB at 2.5 m, but the corresponding number for monopole one is -7 dB and -22
dB. But compared with the performance at 200 Hz, this variable-directivity loudspeaker system's
performance at 900 Hz faded. Taking a careful observation to the energy distribution and the
directivity of loudspeakers, at high frequency, this algorithm fails to design a proper loudspeaker
directivity and make a good energy allocation.

4.2 Subjective Evaluation
Reproduction system is often used for creating a virtual environment, so people's subjective

perception to the reproduced sound field is the most important thing. And for a real system, a larger
effective region(sweet point) means more people can share the best reproduction result. Taking this
into consideration, a subjective experiment was conducted to find the border of the effective region
of reproduced sound field.

In this subjective experiment, 12 virtual variable-directivity loudspeakers are combined together
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following the loudspeaker setup in the VR laboratory at the Institute of Technical Acoustic (ITA),
RWTH-Aachen. This virtual array is placed in an anechoic chamber (weighting parameter is set to be
a=0) simulated by RAVEN [11]. Sound fields stirred by 5 primary point sources on different
directions are sampled respectively with 72 microphones which uniformly distribute in a 0.25 m
spherical space in the center of loudspeaker array. Primary sources are 7 m away from the center of
the loudspeaker array. The HRTF (head related transfer function) of a dummy head was used to get
the binaural signals. Directions of primary sources and the dummy head are shown in figure 4. In
this reproduction, the up-limit frequency of reproduction is 900 Hz. Twenty-eight people (8 people
working at ITA, Germany and 20 students at NWPU, China) participated in this listening experiment.
In this subjective experiment, the dummy head moved along the axis towards ‘front virtual source’,
people were asked to try to find the closest position to the coordinate origin where they hear the
noticeable difference compared with sound signal in the array center. In order to improve the speed
of this process, the Bayesian adaptive psychometric method was used[12].

Figure 4 –Directions of primary sources and the dummy head used in this paper.
As shown in figure 5 (a), the sweet point border varies with the change of the direction of primary

source. Taking the symmetrical setup of the array into consideration(the physical reproduction
performance should be same), this means that on these five directions people are most sensitive to
the change of the sound field which comes from the front of them, by contrast, they are not so much
sensitive to the change of the sound field from the left. This result provides us with some indication
about the sample of the primary sound field and the design of loudspeaker array. Uniformly
distributed sample points are not a bad option, but it seems that there should be more sample points
when the primary sound field comes front of people or place more loudspeakers in the front of
people compared with other directions

(a) (b)
Figure 5 –Sweet point border: (a) Different primary sound directions. (b) Primary source on the front

reproduced by monopole array and variable-directivity loudspeaker array.

The figure 5(b) shows the result of sweet point borders with the same primary source direction but
different loudspeakers. As what we expected, variable-directivity loudspeaker shows better
performance than monopole.
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5. CONCLUSIONS
In this paper, the performance of variable-directivity loudspeakers array using pressure matching

method acoustic contrast control has been checked. Compared with the monopole loudspeaker array,
variable-directivity loudspeaker system can reproduce the target sound field and constrain the energy
radiating outwards simultaneously, especially when the frequency is lower than Nyquist frequency.
At frequency higher than the Nyquist frequency, this method with variable loudspeakers still shows
better performance than reproduction with omnidirectional ones. On the other hand, a subjective
experiment to find the border of sweet point is conducted. The result shows that people's sensitivity
to sound fields from the different directions is not constant. This provides us with some indication on
decision of sample points distribution and loudspeaker array design.

The result in this paper is based on the simulation and a subjective experiment, and the practical
performance of this kind of loudspeaker array in a virtual or a real listening room has not been
investigated. In the future work, the performance evaluation, both subjective and objective ones, in
virtual rooms with different reverberation time and its practical performance in the listening room
will be discussed.
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Abstract
Typical everyday situations usually contain a large number of sound sources. In virtual reality applications,
where the processing demands for the acoustical rendering of a scene should be kept a low level, it is challenging
to simulate and spatialize a high number of virtual sound sources. This work presents different solutions for
rendering sound sources in virtual scenes with varying level of interactivity and complexity. For a binaural
free-field auralization of up to hundreds of virtual sound sources, a model based on k-means clustering was
recently developed, with the main objective to limit the number of required convolutions. To improve the
perceptual quality of the rendering, the model was extended with an efficient correction of the interaural time
difference of each virtual sound source. In addition to a brief benchmark analysis of the rendering module,
this work also describes how this clustering approach was integrated in the open source auralization framework
Virtual Acoustics.
Keywords: Auralization, Binaural simulation, Virtual acoustics

1 INTRODUCTION
Due to advances in acoustical research, signal processing and computational power, the concept and implemen-
tation of an Auralization [12] has been established in the acoustical research community. By simulating and
auralizing a virtual sound field, controlled situations can be created for various purposes. With respect to the
application of auralizations in psychoacoustical experiments, the full auralization process, involving modeling
input data, simulation, signal processing and reproduction of the sound field, should ideally be indistinguishable
from the corresponding real acoustic event, i.e., a virtual guitar player in a bar should be perceived acoustically
in the same way as a real guitar played in the same environment.
In general, the auralization process includes the convolution of an anechoic sample with a room impulse re-
sponse (RIR), describing the acoustical transfer path from the sound source to the receiver in an environ-
ment [34]. With the intention of auralization, the spatial human perception is typically modelled by using a
binaural receiver, creating a binaural room impulse response (BRIR) as a simulation output. Different stud-
ies [21, 23] have shown that for simulation models based on geometrical acoustics (GA), the simulated results
barely differ from measured results if the user is informed about the measurement results and the simulation re-
sults are adjusted to match the measured results using a calibration procedure. Postma showed that a methodical
calibration based on parameters of RIR measurements makes it possible to produce perceptually equivalent spa-
tial BRIRs when compared to measured BRIRs. The most recent round robin study on room acoustical simulation
and auralization revealed [4], however, that many GA based simulations often fail to match measurements when
the user is not informed about the results, especially when wave effects such as diffraction and scattering are
of relevance. Informed simulations using the boundary element method [7] showed good agreement for simple
scenarios, but less accurate results for a more complex room scenario, for which no reliable boundary condition
data could be provided. Nevertheless, it can be stated that binaural synthesis and acoustical simulation can
generate plausible, and after a thorough calibration process, also authentic acoustical signals, as demonstrated
for binaural synthesis by Oberem et al. [19], for a dynamic binaural synthesis by Brinkmann et al. [5] and
for BRIR simulations by Postma and Katz [22] as well as by Tommasini at al. [30]. Although these results
are promising with respect to the auralization of defined scenarios, the applied methods face various challenges
and limitations when dynamic binaural auralization of complex scenes should be created. The term dynamic
corresponds to, at least, rotational movement of the receiver, which creates interactivity, while the term complex
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indicates that three or more sound sources of the scene are simultaneously sending audible signals. Driven by
the success of and tremendous progress in the gaming and Virtual Reality industry, various audio rendering
tools and engines (e.g., SteamAudio, Resonance Audio or DearVR) have recently emerged which mostly are
capable of rendering binaural feedback for dynamic complex scenes in real-time. Often even more simplified
concepts than GA simulations are applied, which, in some cases, can create plausible situations (especially in
combination with a photo-realistic visual feedback), but are far from being authentic, for example in case of
typical everyday situations such as a noisy restaurant or a busy street in an urban area. First studies have only
compared rendering engines to others [11, 2], but not to real or measured acoustic scenes. More examples for
(binaural) real-time simulation tools, developed within research projects, are the open-source projects RAZR [38]
or 3D Tune-In [6].
When designing an experiment based on auralizations, the researcher has to define the desired complexity of the
scene as well as the level of interactivity, depending on the chosen research questions and research focus before
selecting the rendering technique for auralization. If no interactivity with respect to the receiver is necessary,
a binaural simulation stream can fully be preprocessed completely avoiding real-time calculations (except for
audio playback) during an experiment or demonstration.
When it comes to rendering scenes with a high number of sound sources, Tsingos et al. [32, 33, 31] pub-
lished important pioneer work more than 15 years ago by efficiently rendering complex scenes with more than
64 sound sources. A key component of these implementations was a clustering technique, which was adapted
and implemented by Hell et al. [8], who also showed that the workload of a binaural room simulation can be
reduced without creating substantial perceptual differences.
In the first part of this work, a general software framework for the real-time synthesis of binaural signals is
introduced, while in the second part an approach of more efficient binaural rendering for a high number of
sound sources in a free-field condition is presented.

2 BINAURAL RENDERING OF VIRTUAL SOUND SOURCES
Auralizations of a virtual sound sources are usually implemented using a convolution of an anechoic sound
signal x(t) with a BRIR, see. Fig. 1. When GA models are considered, it is reasonable to split the BRIR into
three parts: I - the direct path which accounts for the attenuation law of the point source, the air absorption
and the corresponding head-related-transfer function (HRTF); II - the early reflections, consisting of a few,
mostly specular reflections, typically modelled by an image source model [1]; III - a dense pattern of numerous,
overlapping late reflections, the reverberation tail, which can be modelled by feedback delay networks [10] or
by ray tracing models [13].

Convolution with binaural room impulse response

left
righ

t

direct path (I)

early reflections (II) 
reverberation (III)

direct path (I)

early reflections (II) 
reverberation (III)

x(t)

yL(t)

yR(t)

Figure 1. Concept for the binaural rendering of a virtual sound source with the anechoic source signal x(t)
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In all three parts of the BRIR, it should be accounted for a sound source directivity as well as for a receiver
directivity (HRTF). As the relevance of this data decreases for the later part of RIRs, the spatial resolution of
this may be lower for the reverberation tail than for the direct sound. Extended models can additionally include
further effects such as doppler shifts [37]. Depending on the virtual scene and the application, it is convenient
to implement the rendering of each part separately and to select different update rates for each part of the
BRIR [3, 36]. This ensures real-time updates also for more complex scenes.

2.1 Rendering modules in Virtual Acoustics
Virtual Acoustics (VA) is a real-time auralization framework [9, 29] mainly intended for scientific research. A
modular concept enables the user to select from a different range of rendering and reproduction modules, e.g.,
a binaural renderer in combination with a crosstalk cancellation [15] reproduction module. A combination of
multiple rendering modules is also possible: In addition to a real-time binaural free-field rendering of a sound
source, the GenericPath renderer can be selected, which convolves the source signal with a filter defined by the
user, e.g., a precalculated BRIR without the direct sound. Other rendering modules are capable of calculating
image sources for a shoebox room or rendering a very high number of sound sources, cf. Section 3.2.

2.2 Simulation of binaural room impulse responses
RAVEN1 is a room acoustic simulation C++ library [26, 25] based on GA models which can be applied in
real-time environments [14, 3], but is mostly used for scientific purposes using a command line interface from
MATLAB. In its main application, the user defines a scene to generate RIRs or BRIRs. It is also possible to
define trajectories generating scenes with moving sound sources and/or the receiver. Script based processing
allows the generation of sets of BRIRs, e.g., for different receiver positions or orientations. Such datasets of
BRIRs can be included in a directional database in the openDAFF file format [35] and processed by the VA
software, implementing a dynamic binaural synthesis.

3 EFFICIENT REAL-TIME AURALIZATION OF NUMEROUS SOUND SOURCES
Binaural rendering of many sound sources is today mostly based on a scene description in the spherical har-
monics domain, either based on a virtual loudspeaker array [18, 16] or directly in spherical harmonics [24].
The renderer presented in this section uses an alternative approach, based on clustering, to spatially render more
than 100 virtual sound sources simultaneously using binaural synthesis.

3.1 Concept
In contrast to a conventional binaural synthesis, which requires one HRTF convolution per sound source, this
renderer applies a clustering of sound sources leading to a reduction of HRTF convolutions. For each cluster,
the sound source signals are summed and then convolved with the representative HRTF of the cluster. The
audibility of the angular shift caused by the clustering should be kept minimal. Another important aspect of the
implementation is the efficiency, i.e., the processing time of the entire rendering based on the clustering must
be substantially lower than the individual binaural rendering.
The processing of the renderer is depicted in Fig. 2. The current state of the virtual scene is analyzed and
clusters based on a selected metric are created. All related individual sound sources of each cluster are summed
up as two-channel source signals including the distance attenuation, the propagation delay and their corrected
time delay. The corresponding cluster HRTF is then convolved with the summed cluster signal. Finally, all
binaural cluster signals are summed and binaurally reproduced.

1RAVEN is not published open source, but it is freely available for academic purposes. Please contact the authors for further information
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Figure 2. Concept of the clustering engine. Each sound source is individually processed based on its propa-
gation path (attenuation and delay) and its interaural time delay (ITD). Spectral characteristics are applied by
convolution with the corresponding Head-Related Transfer Function (HRTF).

3.1.1 Clustering
When sound sources are clustered based on the described concept, a spectral error is introduced. With the goal
of minimizing this error, a suitable clustering approach needs to be selected. As the feature for the algorithm
the spherical angle between a reference point and the sound source positions was chosen. The algorithm itself
is adapted from the k-means clustering algorithm [20]. Instead of using a predefined number of clusters, new
clusters are dynamically created when the angular distance of a sound sources exceeds a threshold distance to
all existing clusters, unless the maximum number k of clusters already exists.

3.1.2 ITD correction
As a time shift of a filter is an inexpensive operation in the real-time processing chain, the interaural time
difference (ITD) of all virtual sound sources can be processed individually despite the clustering. The temporal
shift caused by the clustering is corrected using the difference of the ITDs of the actual and the clustered sound
source position. The ITDs can either be estimated based on a rigid sphere model [40] or extracted from the
HRTF data, using the maximum value in the time domain [17] or the maximum value of the correlation HRIR
and its corresponding minimum-phase IR [39].

3.2 Implementation
The clustering renderer was named VABinauralClusteringRenderer and integrated in the open source software
project Virtual Acoustics (VA) software [9]. VA calculates audio buffers in real time for all activated rendering
modules, typically with buffer sizes of 128 or 256 samples using ASIO drivers. Propagation delays of sound
sources are efficiently processed using variable delay lines (VDLs) [27].
The implementation of the renderer is mainly derived from the default binaural free-field renderer of VA, but
was extended by the clustering engine, which implements the concept described in Section 3.1.1. To avoid
audio dropouts, the cluster engine runs as part of the scene update in a parallel thread and only triggers an
output audio stream update, if the new clustering state was successfully generated for the scene. The relevant
data for the ITD correction is provided by a separate estimator class or in case the ITD correction being based
on the HRTF dataset, it is calculated during the initialization of the renderer.

3.3 Evaluation
As the system latency is one most critical characteristic of a real-time rendering engine, a computational bench-
mark (see Section 3.3.1) is an important part of its evaluation to answer questions with respect to the general
real-time capability and limitations of input parameters such as the number of sound sources or the dependency
from the number of clusters. The level of simplification, in case of the chosen renderer, can be described by a
spectral error or, indirectly, by the angular error introduced by clustering the sound sources (see Section 3.3.2).
Eventually this error has to be investigated in perception experiments, which so far, has only been done infor-
mally in listening sessions of the authors. These tests, however, have shown that very low maximum cluster
sizes k = {4,6,12} are a reasonable choice for a total sound source count of 100 and higher.
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3.3.1 Benchmark
To benchmark the implemented renderer, the processing time of the scene- and stream update was measured
for an HRTF length of 128 samples at 44100 Hz sampling rate. The virtual scene included a varying number
of sound sources that were moved between every rendering step. Each sound source had a random audio
signal assigned for audio playback. The benchmark was conducted on a Intel Core i7-2600K CPU @ 3.40GHz
processor, 32GB Dual Channel @ 2400 MHz DDR3 memory, running Windows 10 Pro Version 10.0.17763.
Benchmark results for the scene- and the stream update are shown in Figure 3a and Figure 3b, respectively.
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Figure 3. Processing times for the scene- and stream update for different number of sound sources using
clusters with k = 4,6,12. Dashed lines in (b) correspond to the update limit of the stream update for buffer
sizes sb = {64,128} @ 44100 Hz.

The processing times of both updates increase for an increasing number of sound sources. If a higher maximum
number of clusters is chosen, higher processing time are observed. There is, however, no substantial increase of
the processing time. For a sampling rate of 44100 Hz, the clustering rendering engine is able to process up to
240 sources for a buffer size of 64, and up to 600 sources for a buffer size of 128.

3.3.2 Angular error and perceptual analysis
To quantify the level of spatial scene simplification, the angular error introduced by the clustering can be inves-
tigated. The angular error corresponds to the spherical angle between the actual source position and its cluster
representative. In this evaluation, up to 1000 sound sources were created step by step at uniform random inci-
dence angles at 3 m distance to the receiver, repeated 100 times each for k = {4,6,12}. The evaluation of each
step showed that the average angular errors converges for more than 200 sound sources to 36◦ for k = 4, to 29◦

for k = 6, and to 21◦ for k = 12. These values show that the average angular error decreases for higher cluster
counts, but indicate only the average spatial deviation. Due to the implemented ITD correction, the angular shift
only leads to a spectral deviation of the clustered sound sources and is likely to be less relevant than an actual
spatial offset of a clustered sound source.
To check this hypothesis, a perceptual experiment is required. So far, only a preliminary informal listening
experiment by the authors has been conducted. In this test, binaural samples including 100 common sound
sources were created using different techniques: (I) full binaural synthesis, (IIa) clustering without ITD correc-
tion and (IIb) clustering with ITD correction. Conditions (IIa) and (IIb) were generated for maximum cluster
counts k = 6 and k = 12. Critical listening to these samples revealed slight audible differences between (I) and
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(IIa/b) but, surprisingly, no audible differences between the different number of clusters k = 6 and k = 12. Such
results, however, are highly dependent on the scene design. In general, it is very challenging to create suitable
and plausible virtual scenes with more than 100 mostly continuously active sound sources.

4 SUMMARY
In the first part, this work reviewed and presented the general concept and a software environment for binaural
simulation and rendering of virtual sound sources, based on filter convolution with HRIRs or BRIRs. In the
second part, a special rendering engine to efficiently process more than hundred sound sources in a free-field
environment was described. It was shown that this efficient binaural renderer, in contrast to a normal binaural
free-field rendering engine, is able to simultaneously process hundreds of sound sources for typical buffer sizes
and sampling rates. The increased efficiency is achieved by reducing the number of convolutions with head-
related transfer functions. The HRTF spectrum of each virtual sound source is replaced by the HRTF spectrum
of a cluster representative. In how far this introduction of erroneous coloration is perceptually acceptable needs
to be assessed in future studies.
Although it is uncommon that acoustical scenes applied in research contain that many sound sources all playing
signals relevant and audible signals simultaneously, such a rendering concept is useful for virtual environments,
which contain a high number of automatically generated individual objects, especially when these objects create
sound based on a real-time synthesis, e.g., rain drops falling on the ground, or numerous vehicles in an urban
environment.
The presented rendering engine is only able to generate the binaural free-field response and lacks the calcula-
tion of reflections in outdoor or indoor environments. The flexibility of the software framework in which the
rendering engine was implemented, however, offers possibilities to also include binaural room impulse responses
for the virtual sound sources. The concept of the clustering engine could also be adapted to room acoustics,
as presented by Hell at al. [8]. Another direct application scenario of the engine is the simulation of outdoor
noise [28, 27]. Here, the majority of sound sources processed by the renderer represent secondary sound sources
which model the reflection or diffraction paths instead of the direct path.
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Abstract
We are proposing a technique to render the acoustical effect of scattering from finite objects in virtual reality.
The effect is implemented using parametric filtering structures and the parameters for the filters are estimated
using artificial neural networks. The networks are trained with modelled or measured data. The input data
consists of a set of geometric features describing a large amount of source-object-receiver configurations, and
the target data consists of the filter parameters computed using measured or modelled data that implement the
spectral effect of scattering of the configurations. In a dynamic test scenario with a 3D plate object that reflects
and diffracts sound, the approach is shown to provide a similar spectrogram when compared with a reference
case, although some spectral differences are present.
Keywords: Virtual reality, audio rendering, machine learning

1 INTRODUCTION
Scattering occurs when a sound wave reaches a finite object, where the presence of the object causes the sound
to be redirected to all directions. The directional radiation of scattering depends heavily on the geometry of the
object and on the acoustical characteristics of the surface; typically it follows a complex frequency-dependent
pattern that can not be described in a straight-forward manner [1].
Acoustical virtual reality aims to provide a listener with the same perception of sound as would occur in a cor-
responding real scenario [2]. Typical use cases are in acoustical design, computer gaming, and in telepresence.
In most cases the target is to produce a dynamic rendering of the virtual world, where the sources, receivers
and objects may be moving. To achieve plausible rendering results for such dynamic conditions, the update rate
of spatial audio rendering should be relatively high, of the order of 30 Hz.
The rendering of sound scattered from a finite object is challenging in such virtual realities. If the object has a
relatively simple geometry, the scattering phenomenon can be computed accurately, although even in such cases
the simulation of scattering requires such high computational resources that is is not practical in real use cases.
Furthermore, in some cases the geometry is too complex to be simulated, or the acoustical parameters of the
object are not known, which makes computational modelling not possible in practice.
A method [15] is described in this article where the scattering effect is rendered using a parametric filter
structure, and proposes an efficient method to estimate filter-parameters directly from the geometry of a source-
object-receiver scenario using artificial neural networks. The networks are taught using a large number of sim-
ulations and/or real measurements where the feature vectors describing the source-object-receiver configurations
are associated to parametric descriptions of scattered sound. When rendering a virtual reality, the scattering
can then be estimated efficiently giving the perception of high plausibility to a listener, with low computational
requirements. The possibility to use real measurements in teaching of the system makes it possible to estimate
scattering with acoustically and geometrically complex objects and even with living animals, which opens a
large number of potential applications for the approach.
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Figure 1. An example of a first-order diffraction wave for an infinite wedge with closed angle of 90◦. a) The
geometry, with a fixed source, S, and a receiver moving across the zone boundaries. b) The geometrical acous-
tics (GA) impulse responses, low-pass filtered, for a number of receiver positions, indicating the discontinuities
for the direct sound and for the specular reflection. c) After the addition of diffraction waves modelled with the
edge source (ES) model, the wavefronts are perfectly smooth with changing receiver position.

2 BACKGROUND
The simulation of sound reaching the avatar, a virtual representative for the user, is typically conducted using
geometrical acoustics (GA) modelling as described above. In practice this is done by ray-based rendering of
direct and reflected sounds and by adding some diffuse reverberation to the scene [3, 4]. Ray-based acoustics
can be implemented with relatively low computational resources. In practice each ray is implemented as a DSP
structure, where sound is delayed and attenuated according to its propagation path. Additionally, the acoustical
properties of reflecting surfaces along the propagation path, in the form of frequency-dependent absorption, may
be implemented with digital filtering. Each ray is then made audible to the listener typically using either head-
related transfer function (HRTF) based filtering for headphones or loudspeaker-based techniques [5]. However,
the downside of such methods is that surface scattering and diffraction phenomena are are usually neglected.
Edge diffraction effects have been implemented as complements to ray-based models. A simulation method is
utilized to estimate a FIR or IIR for each diffracted path [6, 7], and they are treated as secondary sources
along edges, which scatter sound to all directions in the virtual room. A number of simplified and computa-
tionally less demanding approaches to modelling the scattering from rigid objects have been suggested, which
can be implemented in real-time dynamic scenarios [8, 9, 10, 11]; however, they usually suffer from giving
uncertain accuracy for lower frequencies and/or scattering objects that are in close proximity to the sources or
the receivers in the simulated geometries. This is caused since they typically have to rely on high-frequency
asymptotic solutions such as the Kirchhoff approximation, or the Uniform Theory of Diffraction [12].

3 MACHINE-LEARNING BASED RENDERING OF SCATTERING
A method to extend the GA model with object scattering is proposed in [15], as follows. The spectral effect
of scattering of sound is rendered using a parametric filter structure, which in practise has low-pass, high-
pass, or shelving effects on the output spectrum. The implementation with parametric filters differs from earlier
approaches, where generic structures such as warped IIRs were used [6], where the filters were directly designed
to fit the frequency response of diffracted sound instead of utilizing parametric filters. The motivation to use
parametric filters is that they can be controlled by such meaningful measures as cut-off frequencies in Hz
and frequency-specific output amplitude in dB. This is assumed to provide an intuitive and a computationally
efficient means to deliver the effect of scattering to the listener.
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Figure 2. Left: the geometry of the dynamic scene utilized as a test scenario. Both the source and the receiver
are located in the horizontal plane, with the source fixed in the direction of −45◦ and the receiver moving from
azimuth angle of 0◦ to 180◦. Right: four snapshots from the corresponding video with annotated viewpoints.

Furthermore, it is assumed that an artificial neural network can learn to associate the geometry of the source-
object-receiver setup to filter parameters. For example, in reality, when a receiver approaches an occluding
object in shadow, the effect of occlusion is a low-pass effect where the cut-off frequency decreases with de-
creasing distance between the listener and the object. The machine learning should then associate the angular
size of the occluding object from the view point of the listener to the cut-off frequency of corresponding low-
pass filter.
In the proposed approach a large set of real measurements or computer simulations of scattering are utilized
to teach artificial neural networks. Each network is trained to associate the geometric description of source-
object-receiver to a specific filter parameter value set in the teaching stage. The target filter parameters values
in teaching are in turn obtained by fitting the parametric filter response to the corresponding measured or sim-
ulated data. During the run time of the virtual reality audio engine, the description of the current geometric
configuration is then used as an input to the trained networks, which compute the parameters for the filter
structure, which then renders the scattering effect.

4 DYNAMIC TEST SCENARIO
A simple test scenario was designed to illustrate the methods and to compare the proposed methods with refer-
ence simulations. The scenario is shown in Fig. 2. A 62 cm x 47 cm x 3 cm plate, corresponding to the size
of a normal computer screen is located with the center of the front plate in the origin. The source is at 250 cm
distance in the horizontal plane, in the direction of −45◦ azimuth. The receiver, which is either a pressure sen-
sor or a binaural human listener, rotates around the plate from 1◦ to 181◦ with 5◦ steps. The offset of 1◦ from
five-based values was introduced since the physical modelling tool used in the study did not produce a result
with the direction of 90◦ of azimuth. The source was positioned at a relatively long distance to emphasize the
effect of the scattered sound component in the presence of direct sound; when the source is further away, the
propagation attenuation has a similar range for both direct and scattered sound components. This is opposed to
the case where the source is close to the receiver, where the propagation attenuation is much more prominent
for scattered sound than for direct sound.
Scattering was simulated with the ES model including 15th-order diffraction for 50 frequency points spaced
logarithmically between 50 Hz and 12 kHz for each receiver location. The edge source (ES)-based model to
compute diffraction waves presented in [12] and [13] and is implemented in a freely available Matlab toolbox,
“EDtoolbox" [14], which was utilized to provide the reference for machine learning. Results computed by
this method are denoted the “ES model" from henceforth. The frequency resolution was selected to cover the
most important hearing range of humans with slightly better resolution than humans have [5]. The resulting
location-frequency spectrogram of only the scattered component is shown in Fig. 3 a). It can be noted that the
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scattered sound has a discontinuity at the shadow zone boundaries, at angles of 120◦ and 150◦, respectively, to
compensate for the direct sound’s discontinuity. The high-pass-nature of specular reflection can be seen from
receiver azimuth angles 30◦ to 60◦, and the low-pass-nature of occlusion is visible from receiver angles 120◦

to 150◦. The scattering strength is low towards receivers in directions between 80◦-100◦. There exists also a
comb-filter structure that changes the notch frequencies dynamically as the direction of the receiver changes.
In the dynamic test scenario the sound arriving directly at the receiver is present most of the time, and it is
therefore interesting to monitor the interference between the scattered sound and the direct sound, as similar
interference occurs also in the ears of the listener. The resulting spectrogram is shown in Fig. 4 a). It can be
seen, that the scattered component does have a prominent effect near the regions where the specular reflection
occurs and where the occlusion occurs. Consequently, the effect is mild in the region where the level of
scattered sound component is low. When the source becomes audible near the azimuth of 150◦, there is a
prominent change in the level of sound, which seems larger than one would expect in real cases. It is not
known if this effect corresponds to reality, or if the ES model exaggerates the change.
For the sake of comparison, the GA model output is shown for only reflected component in Fig. 3 d), and
in Fig. 4 d) the reflected component is summed with direct sound. Prominent differences can be seen when
compared with the ground truth cases shown in Figs 3 a) and 4 a), respectively. It can be seen that the image
source model does not render the high-pass effect of the reflected component, it renders occlusion as silence,
and also it does not produce smooth spectral transitions when reflection and occlusion effects occur.
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Figure 3. The scattered component arriving from the plate to the receiver in the dynamic scene shown in
Fig. 2 rendered with different methods. x-axis – Azimuth [◦]; y-axis – Frequency [Hz], color scale shown in
right down panel in [dB]. a) 15th-order modelling of diffraction b) parametric IIR structure directly fitted to
physically modelled spectrum c) parameters of the structure estimated from geometry using neural networks d)
geometrical acoustic model with direct sound and specular reflection
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Figure 4. Same as Fig. 3 but with the inclusion of the direct sound contribution.
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Figure 5. Top: Filter structures used to render scattering from an object. Bottom: prototype responses.

5 REPRESENTATION OF SCATTERED COMPONENTS USING LOW-ORDER FIL-
TER STRUCTURE

Two approaches have been proposed to render scattered sound using filter structures in [15]. The approach
discussed here is to implement the total scattered sound component emanating from an object with a single
filter, whose output is then spatialized to the direction of the apex point that corresponds to the shortest sound
route via the scattering object.
In this section the scattering effect caused by an object is implemented using a single filter, without considering
the edges separately as was described in the previous section. The produced spectrum can be assumed to be
more complex than the first-order diffraction spectrum of a single edge, as the first- and higher-order diffrac-
tion contributions from each edge add up at the listener position with arbitrary phase relationships, causing
interference effects.
The main spectral characteristics of scattering should be implementable with the filter selected for the task. To
find such a filter structure, a large amount of different symmetric and asymmetric boxes with dimensions from
40 cm to 2 m were simulated with the EDToolbox in a preliminary study and the spectral shapes of scattered
components were monitored. Two distinct types of spectra were identified, and filter structures are suggested
for each case.

1. If the direct sound is visible, the effect was found to be in most cases a high-pass effect with 12dB/oct
stopband response. In some cases also a plateau was found at low frequencies. Above the cut-off fre-
quency of the high-pass filter, the spectral shape typically varied widely. The corresponding filter is shown
in the top part of Fig. 5.

2. If the direct sound is not visible, i.e., the source is occluded, a low-pass effect with about -6dB/oct
stopband response was seen, although there could be large frequency-dependent variations in the spectrum.
The corresponding filter is shown in the bottom part of Fig. 5.

The switching from direct-visible case to occluded case can be made based on the visibility of direct sound.
However, in reality the object scattering produces some low-pass effect already before the shadow zone bound-
ary and the estimation of scattering should be very accurate, since the direct sound and scattered contributions
are close to each other in the temporal domain. To prevent errors due to such cases, the switching is made
already a bit before the shadow zone, where the direct sound is just visible, but the edge diffraction produces
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already a low-pass effect. In this case the target filter parameters are computed based on the combined effect
of scattered sound and direct sound.
The parameters of the filters are described in the prototype frequency responses shown in Fig. 5. The filter
parameters are fitted to the responses with a heuristic approach, where first the high- or low-pass filter is fitted
to the spectrum, for direct-sound-visible and -invisible cases, respectively. The fitting is performed by finding
the lowest estimation error by sliding the position of the cut-off frequency. After this the parameters of the rest
of the filter components are computed in a least-squared-error sense, using the methods described in [16].
The direct-sound-visible filter consists of parallel first-order low-pass and second-order high-pass filters with
the same cut-off frequency. The low-pass contribution is attenuated by gain factor glow, and the corresponding
level parameter is shown in the figure as ∆Llow = 20log(glow/gmax). After fitting the high-pass and and low-
pass filters to the response a high-frequency first-order shelf filter is subsequently fitted to provide a better
approximation of the spectrum. The occlusion filter is formed in similar fashion, however, the high-pass filter
does not exist and both high-frequency and low-frequency first-order shelf filters are utilized to approximate the
spectral slopes in the modeled spectrum.
To get an indication of the accuracy obtained with such a filter model, the 15th-order edge source responses
computed for the dynamic scene shown in Fig. 3 a) were implemented with the filter structure proposed here
and the resulting spectra are shown in Fig. 3 b). It can be seen that the filter-structure captures the high-pass
and low-pass-effects relatively well, and also the overall level of scattered sound. However, the comb-filter
effects are generally lost.
Fig. 4 b) shows the resulting spectrogram when the direct sound is included. In this case the scattered com-
ponent is implemented as a sound ray that implements the propagation delay and distance attenuation, where
the propagation distance is computed using the shortest route touching at one position on the surface of the
object. It can be seen that the interference patterns in the spectrogram are similar to the ground truth case
shown in Fig. 4 a). The method provides smooth fade-in and fade-out of the specular reflection, and also low-
pass-filtered occlusion effects, although relatively large differences between a) and b) figures are also visible.
The introduction of propagation delay to the scattered component produces complex interference patterns in a
similar fashion as in the original, although not in identical form. It may be assumed that the drop of plausibility
in virtual audio rendering caused by filter-fitting is minimal, which will verified in perceptual testing reported
in [15].

6 ESTIMATION OF FILTER PARAMETERS USING NEURAL NETWORKS FROM
THE GEOMETRY OF SOURCE-OBJECT-RECEIVER SCENARIO

In the method proposed in this article the filter parameters implementing diffracted or scattered components
are estimated using machine learning directly from the geometry of the scenario. A non-linear regression task
is perfomed with most of the networks, where the input is geometric descriptors of the source-edge-receiver
system, and output is a parameter for the filter structure. For regression the classic feed-forward neural network
with Bayesian regularization backpropagation training with one or two hidden layers are used with Matlab
command fitnet. The selection of linear or logarithmic scale of target parameter was based on the assumption
that the error will be distributed evenly on selected scale and in most cases an even distribution is desired. The
details of the networks are shown in [15]. The goodness of fit measured with the trained network, using the
test data, is also given in the table as correlation value or alternatively as a percentage of correct classification.
A logarithmic scale is used for the target parameters in teaching to ensure even distribution of error. However,
in total object scattering net trained to estimate Lmax linear scale is used, since the best accuracy is desired
for high values of Lmax, because low-level scattered components will be masked by other sounds in many
cases. There is no self-evident set of feature values that could be utilized to estimate the filter parameters.
The geometry of the scenario is described for the EDToolbox as coordinate values of corners, which were not
viewed as a viable approach in this context. A set of features was selected heuristically, which describes the
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main angular and absolute dimensions and orientations of the object from the viewpoints of the receiver and
the source. Additionally, the geometry of the shortest path of sound traveling from the source via the scattering
object to the receiver is described. The features are described in detail in [15].
For training, 78 rectangular plate objects were simulated, where the width and height of the plate varied from
30 cm to 90 cm, and the depth from 2 cm to 4 cm. The responses to 50 receiver positions from 20 source
positions were computed, where the sources and receivers were in random directions, with distances varying
from 40 cm to 3 m. The geometry of the test was not included in simulation. This resulted in 78000 spectral
responses, 67000 of which had source visible, and the source was occluded in the remaining 11000 responses.
Separate networks were trained for direct-sound-visible and direct-sound-occluded-cases.
The test scenario described in Sec. 4 was implemented with trained networks and the resulting spectrogram
is shown in Fig. 3 c). It can be seen that the networks clearly capture the main features of reflections and
occlusion. However, the accuracy is notably lower when compared to the filtering approach. When the direct
sound is also taken into account, as shown in Fig. 4 c), the similarity to the ground truth case in Fig. 4 a)
is relatively high, although some spectral details are either different or smeared. For example, in the region of
occlusion, the interference patterns caused by comb-filtering are different, however, the perceptual prominence
of the errors has been tested to be low with human listeners, as described in [15].

7 CONCLUSION
A computationally efficient method to estimate and render sound scattered from finite objects in virtual reality
is proposed in this work. The method creates the spectral effect of scattering by filtering the sound arriving
at the object with a parametric filter structure consisting of a combination of low-pass, high-pass and shelving
filters.
The parameters for the filters are estimated using a machine learning approach. The input data in teaching
contains information about the configuration formed by the source, the scattering object, and the receiver. The
target data in teaching is obtained by fitting the response of the filter structure into a spectrum obtained from
measurement or from acoustical modelling.
A perceptual experiment, where the scattering from a thick-plate object, at a distance of 80 cm from the lis-
tener, was rendered for a dynamic scene using different methods. The results of objective and subjective tests
fully detailed in [15] show that a relatively simple parametric filter delivered similar plausibility as a detailed
acoustical model, and that the filter parameters estimated using a neural network degraded the plausibility only
slightly from the detailed acoustical model.
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ABSTRACT 
The auralization of sound insulation between adjoining rooms in virtual reality (VR) environments describes 
the sound transmission between enclosures, where sound insulation prediction methods are applied for a 
high-quality auditory stimulus. In this context, a real-time building acoustic auralization framework in 3D 
audio-visual technology is developed to introduce more realism and contextual features into psychoacoustic 
experiments. This paper describes the design and implementation of this framework that is a vital part of 3D-
immersive sound rendering VR-Systems. This framework relies on up-to-date knowledge of building 
acoustic prediction models and enables a perceptually accurate airborne sound insulation auralization in 
simulated environments, including important effects such as sound transmission, source directivities, and 
source / receiver room acoustics. Despite this realistic sound insulation, rendering between adjoining rooms, 
not only the indoor sources are supported at runtime, but also outdoor moving sources such as vehicles. All 
features are evaluated by investigating both, the overall accuracy of the building acoustics filters and the 
performance of implemented algorithms. This framework was used in psychoacoustic experiments by 
presenting a virtual building scenario, for an office to office situation, to the user with Head-Mounted-Display. 
 
Keywords: Building Acoustic, Auralization, Psychoacoustic, Perception 

1. INTRODUCTION 
Sound is crucial for creating a convincing virtual reality (VR) experience, because auditory cues 

are relevant for the sensation of being present in an actual, physical space. It contributes to the user’s 
sense of immersion. Building acoustics deals with sound transmission between the adjacent rooms 
connected through structural elements of the buildings (1). This paper deals with the creation of an 
acoustic virtual reality (AVR) experience of building acoustic auralization from a technical point of 
view. Creating this virtual world and all the objects in it (i.e. audio and visual) is implemented in a 
real-time VR framework, which can be used for audio-visual demonstrations and, furthermore, for 
psychoacoustic experiments with contextual and interactive features (2). We introduce and discuss the 
basics of 3D graphics rendering tools which are vital for our building acoustics implementation to 
create an environment and the techniques such as audio rendering, real time convolution, filter design 
and building acoustic plugin that make our objects appear realistic. Above all, the focus is to pay more 
attention to the requirements of virtual reality, including performance issues, making sure that the 
audio filters run fast enough in VR. We make use of the professional game and VR engine, Unity  3D. 
Unity is one of the most demanding game engines and is a relatively easy to use, however, fully 
featured. 

The recent up-to-date work in acoustic virtual reality is available for room acoustical simulations 
and auralization, implemented in VR environments. Up to our knowledge, building acoustic 
auralization has not been implemented in VR environments. To achieve this, three levels of 
implementation are associated with a universal platform for such kind of advanced VR environments 
(3). First, the sound insulation prediction models and building acoustic filter design strategies. Second 
the filters rendering techniques: such as sound insulation, convolution, binaural 3D real-time 
interactive audio-visual VR technology. The general flow diagram of our technical framework i s 
shown in Figure 1. The focus in this paper is on the third part; the implementation of building acoustics 
in VR and creating interactive scenes, the performance of rendering engine, and the interactive 
psychoacoustic experimental environment by creating an example of work performance in a short-
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term memory experiment. 
 
 

 
Figure 1 - Building acoustic auralization process and VR implementation design 

2. VIRTUAL REALITY FRAMEWORK 
In building acoustics, the sound insulation prediction was first introduced by Gerretsen (4), based 

on classical sound insulation theory (e.g. Vigran (5)). Subsequently, the first application of 
auralization of airborne sound insulation was introduced by Vorländer (6) and Thaden (7). They 
proposed sound insulation model based on ISO 12354-1 and designed an auralization framework by 
developing sound insulation filters. These filters were used to calculate airborne sound transmission 
paths from source to receiver placed in simple adjacent rooms of a building and made use of binaural 
technology for reproduction. Later on, certain improvements were made by (8-9) in these approaches, 
such as; source position, its directivity and incident sound intensity on the source room elements (i.e. 
source room walls), which was calculated based on room acoustics of the source room (reverberation 
of the source room from ISO standards), on contrast to common practice of assuming a purely diffuse 
sound field in the source room walls for all transmission paths from source to receiver. Further, 
improvements were proposed by (3), such as including the synthesized room impulse response based 
on one-third octave band values of the reverberation time and representing each radiating element (i.e. 
receiver room walls) by a set of evenly distributed point sources (i.e. secondary sources) on its 
surfaces. 

The latest available auralization framework is now integrated into virtual reality. This auralization 
framework might be used in listening experiments and would be able to allow the test subjects to 
perform any task of daily life’s work or learning under conditions of usual behaviour and movement. 
Therefore, it is intended to create more ecologically valid noise perception tests in real-time virtual 
reality environment. To achieve this, we make use of the professional game and VR engine software 
Unity (11) as our virtual environment renderer. Unity is one of the most demanding game engine and 
visual rendering software, which is relatively easy to use, compared to other available game engines. 
However, it contains all necessary tools that are needed for our purpose. It also supports the 
architectural constructions importing feature, directly from other third-party commercial software 
such as SketchUp-2017 (12), AutoCAD etc. The building of Institute of Technical Acoustics (ITA) of 
RWTH Aachen University is selected as a working site, as shown in Figure 2. 

The choice of a suitable 3D architectural modelling software is necessary for creating a virtual 
building scene. SketchUp-2017 it is used to design the ITA building in a CAD model, which is 
imported into Unity, where the rest of the graphical features were integrated into the scene, such as 
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the audio source (i.e. noise source), the listener, a camera view (i.e. to visualize the scene) and the 
interactive scene (i.e. a scene for listening tests and psychoacoustic evaluation). Once the building 
model is designed, the rendering process can start. For graphical rendering there exist many third-
party plugins such as Oculus Rift Unity integration plugin, Steam VR plugin etc. with basic audio 
rendering features such as reverberation and simple room acoustic mixers e tc. These auralization 
features, however, are supporting only free field conditions or generic reverberation, which are not 
appropriate for specific auralization purposes. Therefore, the sound insulation auralization model 
described above is implemented for audio rendering and auralization into Unity by using its scripting 
features (e.g. Unity supports java and C# languages for scripting and customizing the scenes).  

 

 

Figure 2 – ITA building: indoor/outdoor scenes in Unity 

2.1 Implementation of Building Acoustic Filters 
A software framework is described which includes the selection of materials to room surfaces, 

detection of source and receivers’ positions, selection of structural properties of the building elements, 
the input audio files and sound card channels for auralization. The complete processing chain is shown 
in Figure 3. Some of the important plugin and features for the framework are listed below. 

 
• Building acoustic model (sound insulation prediction model)  
• Building acoustic filters (sound transmission) 
• Architecture geometry manipulation 
• Ray casting 
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• Real-time source receiver detections 
• HRTF database (ITA dummy head recordings) 
• FFT and iFFT libraries (open source from MIT USA) 
• Interpolation 
• Convolution 
• Audio filter rendering 
• Visual rendering 
 
 

 
Figure 3 - Auralization Framework processing chain in Unity 

2.2 Virtual Geometry Manipulation 
A plugin was developed that lists building elements with the geometric dimension and material 

properties, by using ray casting approach. The material properties can be pre-defined or interactively 
assigned to elements through graphical user interface in Unity as show in Figure 4. This process 
provides the geometric data for calculation of sound insulation metrics. This process is performed 
before the auralization process starts and, hence, is required only for initialization of the main 
framework. 

 

 
Figure 4 - Implementation: Assigning material parameters to building elements and calculations for 

geometric input data 
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2.3 Sound Insulation Metrics and Transfer Functions 
The second process detects sound source and receiver positions, orientations in the dwelling (i.e. 

source and receiving rooms). The sound insulation metrics (i.e. the input data for filters) for each 
element of source and receiving rooms are calculated, and subsequently both the rooms and building 
acoustic transfer functions for each path (direct as well as flanking) are computed in terms of 
transmission coefficients or the normalized level differences ( ) spectra in one-third octave bands 
in the frequency range of 50 Hz to 5000 Hz. These spectra are interpolated by using a 4097 points 
cubic spline interpolation to get suitable audio filter with an appropriate frequency resolution for the 
selected adjacent rooms. Afterwards, these spectra are used to calculate the final transfer functions 
from the sound source to the secondary sources (patches, for reference (3)) by adding the different 
flanking transmission paths. 

2.4 Real-Time Rendering and Auralization 
Once the sound insulation filters and HRTFs data are available, the real -time convolution process 

for these filters is performed. Inside the receiving room, each secondary source (SS) of each element 
(i.e. wall) are considered as independent radiating elements. 

 

 
Figure 5 - Real-time auralization and listening test scene 

The directional cues for binaural signals from these radiating elements relative to the listener are 
considered by applying the HRTF regarding the incident angles to the listener’s head. An inverse 
Fourier transform (iFFT) and summation is processed to get final binaural signal in time domain for 
auralization. The secondary sources are located at different distances relative to the listener. Therefore, 
they are amplitude-weighted and delayed according to the dimensions of the receiving room and the 
position of the listener. The final step is to convolve the binaural signal with sound or speech signal 
for auralization. Normally, the sound file has 24 bit and 44.1 kHz sampling rate. This operation is 
performed by FFT/iFFT (including overlap add method) by dividing the source signal into frames of 
256 samples, transforming to frequency domain, multiplying with binaural filters and converting back 
to time domain. In this way, the whole rendering chain works in real time and with this, the interactive 
scenarios can be created in which the listener can freely move (turn the head or walk around) in the 
receiving room. 

3. PERFORMANCE 
The performance of the framework is verified for initialization and the real-time processes. 

Initialization include geometry manipulation, filter construction and insulation metric calculation 
along with room impulse response synthesis for source and receiving rooms. Real-time processing 
involves convolution by FFT and iFFT, source and receiver position updates (including head 
movements) and binaural filters. Figure 6 shows the time consumed by each major process. All 
computations are performed on desktop personal computer featuring an Intel Core i7 -7700 CPU @ 
3.60 GHz multi-core with 16 GB RAM, Windows 10 (64-bit) operating system. 
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Figure 6 - Performance of the building acoustics VR plugin 

4. AUDITORY-VISUAL ENVIRONMENTS 
In this section, it is discussed the possibility to use this framework as a platform for psychological 

and psychoacoustic test environments such as cognitive performance tests under different building 
acoustic conditions. With this, novel experiments on noise effects, on evaluation of noise and speech 
effects on humans in built-up environments can be performed which go beyond the traditional 
listening experiments. As an example, the design of a test paradigm is explained for real-time 
interactive insulation auralization and for perceptual evaluation of noise stimuli with more realism 
and more contextual features. 

4.1 Example VR Scene 
To conduct a listening experiment, a test paradigm is required which explains the tasks for the 

participants. The scene was designed using the VR framework with a research objective of studying 
the cognitive performance at presence of background noise in a building. The specific question was if 
frequency-specific sound insulation and speech signals transmitted through the wall creates impact on 
the cognitive performance, in particular in comparison of intelligible and non-intelligible speech. In 
the scene, the participants were presented a virtual reality environment, where they are sitting in an 
office-like receiving room, performing a cognitive task of verbal serial recall on the screen and hence 
evaluating the verbal short-term memory capacity. Their answers were recorded under different 
background stimuli of “irrelevant speech”, originating from the neighbouring office (source room) 
(10). The test is designed to study the impact of meaning of background sound (intelligible speech vs. 
non-intelligible speech) on the cognitive performance, the sound insulating components of the 
building are selected in the way that the final binaural signal at the listener ’s ear presents bad and 
good sound insulation. To present the scene to the participants for this in VR, the head-mounted 
display HTC Vive is used in Virtual Reality Lab. The headset uses "room scale" tracking technology, 
allowing the user to move in 3D space and use motion-tracked handheld controllers to interact with 
the environment. The results are going to be published soon. 

4.2 Software Features 
In order to present different background building acoustical conditions to the participants, several 

features can be switched on or off in a particulate test design. Activation and deactivation of room 
acoustics (i.e. reverberation etc.), source/receiver characteristics (i.e. position and/or orientation and 
directivity etc.) and most importantly the choice of the methods for sound insulation filter construction. 
These options can be selected during the configuration and initialization of the VR environment. 

5. SUMMARY 
A real-time VR auralization framework is introduced that relies on present up-to-date knowledge 

of building acoustic simulation techniques. It is implemented in Unity graphics rendering and game 
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engine software. This framework enables several important features along with sound insulation 
auralization for adjacent rooms. It is intended to use this platform for listening experiments where it 
allows the test subjects to perform any task of daily life’s work or learning under conditions of usual 
behaviour and movement, creating more realistic noise perception tests in real-time virtual reality 
environments. Furthermore, in the next version of this framework, sound insulation auralization 
against outdoor sound source will be incorporated. 
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ABSTRACT 

In building and infrastructure projects sound design and requirement specification are often 
complicated by difficulties in understanding how the planned built environment will sound. 
Information about sounds is almost exclusively provided as sound pressure levels. It is difficult to 
understand how an environment will be perceived solely based on such data. VR models with sound 
give an experience much easier to comprehend. In this study VR models were developed based on 
first order Ambisonics recordings. Such recordings provide spatial information and can be real time 
rendered based on the listener’s orientation. Recordings of road noise were used. The sound levels 
were adjusted to match calculated levels from noise planning models. VR presentations were 
compared with still image and binaural headphone presentations. The results showed that annoyance 
caused by traffic noise was significantly lower rated in the VR presentations compared with the still 
image and binaural headphone presentations. This shows that physically correct calibration of 
reproduced levels is not enough to ensure delivering a realistic experience. Therefore, VR technology 
may give more realistic and valid presentations of sounds in different kinds of sound quality 
assessments, presentations and public consultations. 
 
Keywords: Ambisonics, Auralisation, VR, Noise Planning 

1. INTRODUCTION 
In the design of buildings and infrastructure sound design is often complicated by difficulties in 

understanding human experience. Information is complex, extensive and hard to grasp. A typical 
workflow for architects and designers involves rapid iterations supported by recurrent generation of 
numerous sketches and visualisations. Established working procedures and tools exist. Still, 
technology is developing, with e.g. VR tools enabling designers and stakeholders to interact with 
virtual models of planned buildings. However, the support for sound is still limited. Information about 
sound is almost exclusively provided as figures of e.g. sound pressure levels, sound reduction indices 
and reverberation times. This gives comprehensive descriptions of acoustic properties, but even 
professional acousticians have difficulties understanding how an environment will be perceived solely 
based on such data. Auralisation tools are evolving, and presenting VR models with properly modelled 
sounds could give an experience much easier to comprehend. This will most likely improve 
communication in development projects, accelerate design processes, and reduce the risk for mistakes. 

VR tools are generally based on computer game technology. They can deliver high quality video, 
and also real time rendering of 3D sound. In this study realistic VR presentations were developed in 
order to demonstrate results from environmental noise planning models. Ambisonics recordings of 
traffic noise were used as input to the models. Ambisonics recordings contain spatial information that 
can be real time rendered based on head movements, and thereby they provide spatial information 
correctly with respect to the listener’s orientation in the VR world (1). However, the recording must 
be made in a discrete point, and therefore only gives a realistic reproduction as long as the listener is 
not moving. If the listener moves in the VR model the Ambisonics reproduction will move with the 
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listener. To avoid this, Ambisonics recordings made in different points can be mixed and cross-faded 
depending on the position of the listener. 

1.1 Environmental Noise Planning 

Environmental noise planning is commonly done by calculating sound propagation in models based 
on e.g. traffic flows and vehicle types (2). Equivalent sound pressure levels and maximum levels are 
usually reported as colour maps, see Figure 1. Such colour maps provide a good and simple overview 
of how high the sound levels are in different places, and can be a good help in identifying areas where 
special measures need to be taken. However, the colour maps are limited by their much simplified 
presentation of data. Even a trained acoustician may have difficulties understanding and judging how 
it will sound in a place based only on colour maps of maximum and equivalent sound pressure levels. 
It is even more difficult to explain to the public, for example during public consultation meetings, 
how a change in the built environment will affect sound perception and risk of annoyance. 

 
 

 

Figure 1 – Colour map showing calculated equivalent sound pressure level in an area around a school. 

Points of scenarios used in the listening test are marked 1 to 6. 

 

1.2 Sound in VR and Computer Games 

Creating realistic sound in VR requires binaural reproduction with high accuracy. This will allow 
the listener to separate sound sources, suppress background noise and hear direction as in real life. 
Sound in VR is generally played back through headphones. Since the 1970s, sound has been recorded 
with artificial heads in order to give good realism when played back over headphones. However, 
headphone recording and reproduction has two major limitations: it requires a sound environment to 
record, and it is limited to represent sound in a fixed position with the head pointing in a specific 
direction. The first limitation, that there must be an audio environment to record can, to some extent, 
be overcome by binaural synthesis. To overcome the second limitation, binaural synthesis must be 
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rendered in real time depending on how the listener moves around in the room. This has until recently 
only been possible in laboratory with very powerful computers. However, today the computational 
power of ordinary gaming computers is sufficient for rendering binaural synthesis in real-time using 
conventional game engines and audio middleware for computer games. In addition, head position and 
orientation must be measured in real time. This can be done with gaming VR headsets. Therefore, the 
required hardware and software for implementing VR tools for building acoustics are currently 
available. However, computer games and other media do not usually require the same control as 
needed for design and construction of buildings and infrastructure. Still, the pursuit for realism in the 
computer games has led to much resources being spent on developing realistic models of 3D sound. 
These models perform well and are often easy to use. It is therefore worth taking a look at the models 
and technology used in computer games, as they can be used as tools for rapidly setting up controlled 
experiments on perception of real time rendered 3D sound. 

2. METHOD 

2.1 The Case 

A school yard environment was chosen as a case with special requirements on outdoor noise levels. 
The Swedish Environmental Protection Agency recommends that outdoor areas intended for play, rest 
and teaching activities should have an equivalent sound pressure level of max 50 dBALeq and a 
maximum SPL of 70 dBA. For other outdoor areas of a school yard, an equivalent SPL of 55 dBALeq 
and maximum SPL of 70 dBA are allowed (3). Which areas that should be regarded as intended for 
educational activities and how large these should be are not unambiguously determined. Thus, there 
may be a need to interpret noise maps of the kind shown in Figure 1, and plan school yards and areas 
surrounding a school both from sound perspective and all other perspectives that are important for a 
well-functioning school environment. The possibility to walk around in a VR model and both look 
and listen should therefore be of help for understanding what the calculated noise levels mean. 

2.2 The VR model 

Unreal Engine (Version 4.21) was used to build and control the VR model. The Resonance Audio 
plugin was used for binaural synthesis. A semi-synthetic model was developed based on multiple 
Ambisonics recordings. Ambisonics recordings, as all kinds of microphone recordings, are limited to 
capture the sound in one point in space. Unlike artificial head head recordings, Ambisonics recordings 
do capture directional information and thereby contain the information required for making binaural 
synthesis based on the listener’s orientation in the point of recording. Unreal Engine with the 
Resonance Audio plugin can render Ambisonics recordings based on the listener's orientation in the 
virtual space, but the rendered sound field will move with the listener as the listener moves. To 
overcome this, either Ambisonics files recorded at different points must be mixed and cross-faded 
based on location, or the listener must be prevented from moving in the virtual world. One way to 
solve the problem is to just allow the listener to turn around in the VR world but not to move. This is 
common in many VR applications, not just to give realistic sound, but also because continuous 
movements in the VR world often give rise to motion sickness and nausea. Usually, this is solved by 
"teleporting" the person in the VR world, i.e. the person is moved instantly to a new position. 

2.3 Recording of Traffic Noise 

Traffic noise was recorded with an Soundfield SPS 200 Ambisonics microphone. The recordings 
were made in a pattern as shown in Figure 2. To get a sufficiently large open area the recordings were 
made winter time on the ice of a sea bay with a road embankment. The road was a 4 lane road with 
70 km/h speed limit. The road section is close to the city centre with traffic lights in the middle of the 
section, so speed and traffic flow varied much, with recurrent accelerations and decelerations. Two 
rows of measurements were made at different distances from the road, one approximately 5 m from 
the road and one approximately 50 m from the road. To capture the variations at longer distance from 
the road, one row of measurements was made by adding four positions with 50 m spacing in between, 
as an extension from the two northernmost measurements closer to the road, in total 6 positions 
(marked 1 to 6 in Figure 2). The recordings were converted to B format using the Soundfield 
SurroundZone 2 VST plugin. The binaural rendering was done with the Resonance Audio plugin in 
Unreal Engine 4.21. Mixing was made with Unreal Engine’s built in audio mixer/controller at default 
settings and default settings were also used for Resonance Audio. 
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Figure 2 – Measurement positions for road noise measurements in central Luleå, Sweden. Recording points 

used for the listening test are marked 1 to 6. 

 

2.4 Cross-fading model 

A model for cross-fading between Ambisonics recordings was developed in Unreal Engine. The 
model cross-faded between four adjacent recordings in a grid of arbitrary size (minimum 2 by 2). The 
model was assessed in informal listening tests. The cross-fading of recordings gave a realistic 
impression of moving around in the sound environment. It was found that with traffic noise that 
consists of sources moving much faster than the listener, the cross-fading was of little importance. 
The need for cross-fading and the size of the cells in the cross-fading matrix is much dependent on 
the characteristics of the sources (stationary or moving) and the distance to the sources. For outdoor 
environments with traffic noise the need for cross-fading arise only if the listener is moving 
continuously over longer distances. As this generally cause risk for motion sickness, it should be 
avoided. Therefore, teleporting was used in the experiment and single recordings were selected for 
each assessment point. No further studies of cross-fading models were made in this experiment. 

2.5 Integration of the Sound Model with a Graphical Model 

A model of a secondary school developed for another project was used. The area around the school 
can be seen in the colour map in Figure 1. A heavily trafficked road is the main noise source in the 
area. Six places at different distances from the road, with different sound pressure levels and different 
architectural characteristics were chosen, see Table 1. The views towards the road at all places are 
shown in Figure 3. Ambisonics recordings from six places, 50 m apart, were chosen for the six 
scenarios (marked 1 to 6 in Figure 2). Scenario 1 to 4 had an open view to the road and the distances 
corresponded to the distance between the road and the Recording Positions 1 to 4 (see Figure 2). 

1 2 3 
4 

5 6 
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Recording Position 5, 200 m from the road, was chosen for Scenario 5. Here, the distances do not 
match, but in Scenario 5 the road was shadowed by a building, and hence the sound was assumed to 
resemble the sound at a longer distance from the road. The same argument was used for choosing 
Recording Position 6, 250 m from the road, for Scenario 6. Scenario 6 was inside a courtyard, and the 
sound was therefore assumed to resemble the sound at an even longer distance. The equivalent sound 
pressure level at all places were matched to the level calculated by Soundplan (Soundplan GmbH). 
Calibration was done by placing the headphones on an artificial head (Head Acoustics HMS IV) and 
measuring the equivalent sound pressure level (with the HMS IV artificial head set to LIN 
equalization). Measured sound pressure levels are shown in Table 1. 

 

 

 

 
Scenario 1 

 
Scenario 2 

 
Scenario 3 

 
Scenario 4 

 
Scenario 5 

 
Scenario 6 

Figure 3 – The views of the six places selected for the listening tests. The pictures are from a model of 

Maja Beskow School in Umeå, Sweden, by courtesy of Umeå Municipality. 
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Table 1 – Six places chosen for the listening test. 

Scenario 

no. 

Architectural characteristics and equivalent SPL from the 

Soundplan model 

Equivalent SPL in 

headphones after calibration 

1 5 m from the road, 70-75 dBA L 73.1 dBA R 72.4 dBA 

2 50 m from the road, open view to the road, at the main 

entrance of the school, 55-60 dBA 

L 58.8 dBA R 56.8 dBA 

3 100 m the road, open view to the road, at a bicycle parking, 

55-60 dBA 

L 58.7 dBA R 56.8 dBA 

4 150 m the road, open view to the road, close to a sports field, 

45-50 dBA 

L 47.3 dBA  R 45.5 dBA 

5 80 m the road, a building shadowing the road, 45-50 dBA L 48.2 dBA R 47.4 dBA 

6 100 m the road, in a court yard, 40-45 dBA L 41.1 dBA R 42.5 dBA 

 

2.6 Listening Tests 

Validating the realism of a virtual model of environmental noise is difficult. Ideally the model 
should be compared with reality, but such listening tests are impracticable. As artificial head 
recordings and renderings based on binaural synthesis are commonly used for sound quality 
assessments a still binaural reproduction was considered to be a suitable baseline for comparison. The 
still binaural reproduction was created from the same Ambisonics recording as was used for the 
binaural synthesis in the VR model. Resonance Audio’s HRTF filters were used with the head pointing 
towards the road. To not create confusion between visual and auditory perception, the still binaural 
reproduction was presented with a still image on a computer screen (24” screen at approximately 70 
cm distance from the participant). The view was pointing towards the road. All still images can be 
seen in Figure 3. This baseline condition was compared with a VR presentation of the same positions. 
In the VR presentations the participants were not allowed to move around, but they were allowed to 
look around as much as they liked. The sound consisted of the Ambisonics recordings rendered in real 
time using Resonance Audio’s algorithms and HRTF filters.  

The listening test was conducted in a sound recording studio. The sounds were played through a 
Head Acoustics PEQ V amplifier and Sennheiser HD 600 headphones. Half of the group started with 
the VR presentation and the other half with the still image/binaural sound condition. The participants 
were orally instructed to assess annoyance from traffic noise in the surroundings of a secondary school. 
They were told that they would do the same test, first with the environment presented through a VR 
headset with headphones and then with a still image of the same places on a computer screen with 
sound presented through headphones (or vice versa for half of the group). The six positions were 
presented in counterbalanced order using a Latin Square design. The participants were asked to listen 
to each scenario as long as they though necessary to make an accurate assessment. They were asked 
to assess how annoying they found the sound environment to be on an 11-point scale ranging from 
“not at all annoying” to “extremely annoying” (from now on called annoyance), and how easy or 
difficult they thought it was to assess the sound environment by using the computer model on an 11-
point scale ranging from “very easy” to “very difficult” (from now on called effort to assess). The 
experiment was a repeated measures design where all participants assessed both conditions (VR and 
still image). The assessments of annoyance and effort to assess were averaged over all scenarios for 
each participant. The hypothesis was that the presentation technology would affect both average 
annoyance and effort to assess annoyance. Results were analysed with Paired-Samples t-Test. 

2.7 Participants 

A total of 12 subjects participated in the listening test, 5 women and 7 men. Most of them were 
students studying at Luleå University of Technology. All subjects had self-reported normal hearing, 
and all were volunteers. The mean age was 28 years (min. 22, max. 66, SD 12 years). 
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3. RESULTS 
Means and standard errors of the assessments of annoyance for each of the six scenarios under 

both conditions (VR or still image/binaural sound) can be found in Figure 4. Means and standard 
errors of the assessments of effort to assess annoyance for each scenario and condition are found in 
Figure 5. 

For the statistical analysis an average of each participant’s assessments of annoyance and effort to 
assess was used. On average, the participants rated annoyance significantly higher in the still 
image/binaural sound condition (M = 4.4, SE = 0.51) than in the VR condition (M = 3.8, SE = 0.56, 
t(11) = 2.22, p < .05, r = 0.56). On average, the participants did not rate the effort to assess annoyance 
significantly different in the still image/binaural sound condition (M = 2.3, SE = 0.31) compared with 
the VR condition (M = 1.6, SE = 0.26, t(11) = 2.04, p > .05). 

 
 

       
Figure 4 – Mean and Standard Error (internal s) of annoyance. 

      
Figure 5 – Mean and Standard Error (internal s) of effort to assess annoyance 

4. DISCUSSION 
The results are in line with previous research showing that vision can affect the experience of 

sound. For example, Patsouras et al. (4) showed that red trains were judged as louder than green trains 
in a laboratory listening test accompanied by photographs of trains. Later Menzel and Fastl (5) showed 
a similar effect of colour on the perceived loudness of cars. The results are also in line with a previous 
study by Iachini et al. (6) of how annoyance assessments in VR presentations differ from annoyance 
assessments based on sound only. They showed that participants assessed the same sound stimuli as 
less annoying when presented in VR compared to presented without any visual stimuli. Our study 
shows the same effect. Subjects judge traffic noise as less annoying when presented in VR compared 
to presented with a still image. The difference between our study and Iachini et al. is that we compared 
the VR condition with a condition containing still image visual information. A higher degree of realism 
achieved by using VR may be an explanation for the lower annoyance ratings. Another difference 
between our study and Iachini et al. is that we used the head tracking information from the VR headset 
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to render the binaural signals from the Ambisonics recordings in real time based on the listener’s 
orientation in the VR condition, while Iachini et al. presented a still binaural reproduction also in their 
VR presentation. In the still image condition we used a still binaural signal that resembles the 
binaurally recorded signal used by Iachini et al. in both their conditions (VR and no visual stimuli). 
Our objective was to study whether real time rendering of binaural sound based on the listener’s 
orientation has an effect on sound quality assessments. The results suggest that such an effect may 
exist, but from the present experiment effects caused by the binaural sound rendering cannot be 
distinguished from effects caused by the more realistic visual VR presentation. Iachini et al. suggest 
that the visual VR presentation may itself cause lower annoyance ratings. However, a conclusion from 
both studies is that presenting stimuli in VR does effect annoyance ratings. None of the studies make 
any comparison with reality, so no conclusions on which cases that are more representative can be 
drawn. A hypothesis is that the more realistic VR presentation would also give a result more 
representative for reality. 

5. CONCLUSIONS 
Annoyance caused by traffic noise was significantly lower rated in VR presentations compared 

with still binaural headphone presentations with still images. This study cannot determine whether the 
effect is caused by real time binaural synthesis based on head-tracking data from the VR headset, by 
the higher level of realism in the visual VR presentation, or a combination of both. New experiments 
are required in order to be able separate the effects of the possible causes. 

The study shows that physically correct calibration of reproduction levels is not enough to ensure 
listening test results to correspond to reality. However, it suggests that VR technology may give more 
realistic and valid presentations of sounds in different kinds of sound quality assessments, 
presentations and public consultations. Graphical representations in VR as well as real time rendered 
3D sound may both contribute to better tools for working with sounds in building and civil engineering 
applications. 
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ABSTRACT 

Soundscape research stresses the interaction between human beings and sound environments. Virtual reality 

(VR) technologies provide a vivid approach to boost the virtual sound environment experience for people. 

However, the real-time VR audio simulation cannot process the complex acoustic conditions (e.g., boundary 

conditions) due to the high computational cost up to now. This study therefore aims to investigate the 

applicability of less reflection orders for reproduced sounds in virtual sound environment. To test the effect of 

reflection orders perceived by people, a series of subject evaluations was carried out based on audio-visual 

VR experience with different scale public squares reproduced in Unity to provide visual scenarios for the 

participants. The participants heard typical sounds (e.g., birdsong, clapping and fountain) in these squares, 

and gave their perception evaluation to these sounds. The results show that these reproduced sounds and 

typical building spaces can employ less reflection orders which render similar realism and immersion for 

participants in virtual sound environment. 

 

Keywords: Soundscape, Virtual Reality, Sound Reflection 

1. INTRODUCTION 

The pioneering work to understand of how people perceive sound reflections that arrive within a 

short time after the direct sound was explored in the 1850s (1). In room and auditorium acoustics, 

sound reflection significantly affects how sounds are perceived by human beings. Clarity, 

reverberance (2) and speech transmission quality (3) are all involved with sound reflection in acoustic 

design. Both positive and negative effects of sound reflections were found on speech intelligibility in 

room acoustics (4). For outdoor sound environment, configurations of urban spaces, sound contexts , 

and propagation conditions are more complex. The multiple and moving sources can be additional 

variables in outdoor sound environment research. The numerical simulation and simplifications were 

examined in urban squares (5) and urban streets (6–9), and these studies parametrically explored sound 

field and sound propagation in different kinds of urban spaces.  

The current soundscape research has been stressing more on how people perceive the sound 

environment. Sound reflection is one of the significant components affecting sound propagation in 

urban sound environments. To reproduce an ideal sound environment, the reflection order of sounds 

should be infinite. The VR technology provides a vivid approach to render virtual built environment 

synthesized with sounds. However, real-time auralization is becoming time-consuming with a high 

reflection order. Meanwhile, the human-environment interaction based on VR experience requires 

high synchronization for public participation. It is necessary to auralize sound environment 

efficiently and accurately with less computational cost. The previous research explored the 

simplifications with the audio-only condition (10). The interactive visual-aural stimuli should be paid 

more attention on sound environment evaluation when the current VR technologies have been boosted 

with higher visual resolution and more degrees of freedom.  

This work therefore aims to investigate the relationship between subjective responses including 

immersion, realism and reverberance and different reflection orders under virtual sound environment. 

The effects of interactive visual stimulus, the area of squares, and the relationship between 

reverberance and reflection orders will be examined with multiple sounds and squares. 

                                                        
1 chunyang.xu.18@ucl.ac.uk 
2 j.kang@ucl.ac.uk 
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2. METHODOLOGIES 

2.1 Scene Selection and Visualization 

To investigate the visual-audio coupling under VR experience in urban spaces, four squares were 

selected in London: the campus square behind Wilkins Building in University College London, 

Paternoster Square south to St. Paul's Cathedral, Cabot Square in Canary Wharf, and Granary Square 

next to Caravan King's Cross. The square behind the Wilkins Building in University College London 

was chosen, where the rectangular square was fully surrounded by building facades. Paternoster 

square is an urban square next to St Paul’s Cathedral re-developed in the 2000s, and it is enclosed by 

buildings with multiple facades and textures. Cabot square is located in Canary Wharf where it is one 

of the significant commercial estates in London. This square is surrounded by the buildings over 60 m. 

Granary square is a large open square in King’s Cross with the functions of relaxation, commerce and 

office.  

Originally, there were fountains in Cabot Square and Granary Square. To investigate to the sounds 

of fountains in all squares, extra fountains were virtually placed at the UCL campus square and 

Paternoster Square. These sites crossed a wide geographical range in London with different functions, 

areas and built environments. In order to eliminate the undesired scattering and absorption, limited 

vegetation exists in these squares, and it was not reproduced during visualization. The visualization of 

four squares was through the modeling software (SketchUp Pro 2018). These four models consist of 

2,733, 4,317, 2,379 and 4,143 edges. The photographs and reproduced scenes of four squares are 

shown in Table 1. The areas of these four squares are 900 m
2
, 1700 m

2
, 6000 m

2
, 7000 m

2
 in order. 

 

Table 1 – Real sites and reproduced scenes  

 
 

2.2 Sound Selection and Auralization 

To investigate the acoustic behaviors of different sounds in these squares, several typical sounds 

were chosen including birdsong, clapping and fountain. These three types of sounds have different 

acoustic characterizations and soundscape contexts. The sample rate of the three sounds is 44100 Hz, 

and the depth is 24 bit. These three sounds represent different kinds of time-frequency 

characterizations. Birdsong has the high frequency contents of specific pitches. Birdsong is usually 

considered as a natural sound with a positive effect on urban sound environment.  Clapping is discrete 

in time domain analogue to an impulse sound, and it is also a sound generated by human activities.  

Fountain sound is continuous in time domain, and fountain is a common landscape component in urban 

public spaces generating water sound. 
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Odeon (9.2 Auditorium) was used to characterize the acoustic performances of these public squares. 

Meanwhile, the process of auralization was also based on the impulse response generated from Odeon. 

The boundary absorption and diffusion conditions were assigned with different parameters matched 

the real sites. The built-in spatial audio plugin in Unity implements the real-time tracing in an assumed 

box to achieve real-time auralization with the participant’s spatial displacement. The hybrid method in 

Odeon could deal with the complex boundary conditions and generate the point-to-point impulse 

responses with acceptable accuracy.  

The previous study on simplification through subjective tests validated the reflection orders of 5, 

20, and 50 with the aural stimuli only (10). In this work, four reflection orders, i.e., 1, 5, 20 and 1000, 

were chosen, and these four different orders were first examined in Odeon. The distance between the 

sound source and the receiver in the four squares was set to 8 m, and it was a reasonable distance when 

a participant stood in these squares to observe the events. 

2.3 Reproduction and VR Synthesis  

The game engine (Unity) was used to synthesize visualization and auralization. The lighting 

condition was set to a reasonable solar zenith angle and illuminance according to their geometrical 

locations. To synchronize the virtual visual-audio environment, a particle system of water splash was 

attached to the fountain, and the animation of clapping was given to the characters on the square. Birds 

were not rendered in the VR design.  

The first-order ambisonic impulse responses were convolved with three dry sounds. The filtered 

sounds were decoded and spatialized in Unity according to the headset motion and location. The VR 

environment was streamed through SteamVR. The high performance graphics card (GeForce GTX 

1070) and Central Processing Unit (Intel Core i7-8700K) were used to guarantee the rendering quality. 

HTC VIVE was used to provide VR experience. The VR headset was connected with a headphone. The 

participants could turn around their heads, but they cannot have the spatial displacement due to the 

first-order ambisonics.                                                                                            

2.4 Subjective Evaluation 

The subjective test was divided into two stages. In stage I, the participants were informed to hear 

these sounds in the UCL campus square without the VR headset. Since all participants were familiar 

with the UCL campus, they could have the corresponding spatial impression on this square. In stage II, 

the participants heard these sounds with the VR headset under four reproduced scenes.  

Three perceived indicators were selected including reverberance, immersion and realism. 

Reverberance was categorized into a technically perceived indicator in the previous study (11). For 

different functions of interior spaces (e.g., a lecture room and a concert hall), acoustic performances 

are required to render totally different reverberance (12). This discrepancy has been studied in room 

acoustics for a long time. Reverberance is more difficult to be perceived under continuous sounds, 

compared with sounds of stopped reverberance. Immersion and realism were considered as reproduced 

indicators (13). The three adjectives 'reverberant', 'immersive' and 'real' were rephrased into three 

indicators: reverberance, immersion and realism. The Likert scale was utilized to describe the rating 

scale with the description from 'not at all', 'slightly', 'moderately', 'very' to 'extremely'. The questions 

used in the both stages are listed below: 

(1) How reverberant is this sound environment? 

(2) How immersive is this sound environment? 

(3) How real is this sound?  

For each type of sounds in a scene, a reference sound was given to the participants first.  The 

reference sound was convolved with the impulse response of the reflection order of 1000. Then, each 

sound lasted 10 seconds, and these sounds with different reflection orders were played one by one. The 

sequence of these sounds was randomized in each reproduced scene.  In addition, 3D Graphical User 

Interface (GUI) synthesized in VR designs was shown in front of the participants when they were 

doing the evaluation. Whilst it was possible to wear the VR headset, the participants could give their 

subjective perception through a five-button controller. Four scenes were conducted with the same 

procedure. Figure 1 shows the GUI in the reproduced scene and the subjective test by a participant. 

Thirty participants with normal hearing and vision took part in the subjective evaluation. The 

participants were not informed by which reflection orders were applied in each sound during the 

evaluation. They all had the basic understanding of perceived indicators used in the formal evaluation.  
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Figure 1 – GUI in Unity 3D and subjective test through the VR headset 

3. RESULTS 

3.1 Effect of VR experience 

The two-stage subjective test was carried in the UCL campus square. Figure 2 shows the 

comparison between audio-only and VR experience conditions under different reflection orders. Three 

types of sounds present the different subjective ratings. For birdsong, the rating difference between the 

two approaches is significant under the reflection order of 1 for all three perceived indicators.  The 

rating of clapping is lower than the other two sounds in immersion and realism.  Meanwhile, the 

variation of reverberance is the most distinct. When the reflection order is 1, the rating difference 

between two evaluation approaches was found to be significant. Compared with the other two sounds, 

the clapping sound presents relatively low ratings on immersion and realism for both approaches, and 

the variation of reverberance is the most distinct. The clapping sound is discrete in time domain, and 

the stopped reverberance is easily perceived by the participants. The two approaches were found to 

have a significant difference on immersion and realism under the reflection order of 1. 

(a)                                                   (b) 

 (c) 

Figure 2 – Comparison between audio-only [a] and VR experience [v] conditions under different reflection 

orders (1, 5 and 20). (a) birdsong, (b) clapping, (c) fountain.  

When the reflection order was set to 1, VR experience during the subjective test can increase the 

immersion and realism of sounds. All participants were required to evaluate sound impression during 

the subjective test rather than VR impression. Thus, the rating gain on immersion and realism of 

sounds was generated from the interactive environment. 

An unusual point occurs in clapping sound. When the reflection order is only 1, the mean ra ting of 

VR experience is lower than the rating of audio-only condition. However, the mean rating difference 
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between two approaches is not statistically significant under a reflection order of 1. Compared with 

other two sounds, clapping is the only discrete sound in time domain, and for each clapping, the signal 

analogue to an impulse response includes all acoustic information of a space. Clapping sound with 

stopped reverberance therefore presents a rating range wider than the other two sounds.  

The comparison results between audio-only and VR experience conditions reveal that both 

evaluation approaches present the similar results on three indicators when the reflection order reaches 

20. The VR experience can improve subjective ratings of immersion and realism when the reflection 

order is set to 1. 

3.2 Effect of sounds and urban spaces 

In stage II of the subjective test, the results in the four squares are shown in Figure 3. The four 

squares present different results on three types of sounds and three indicators  involved with different 

reflection orders. 

   In UCL campus square, the mean ratings of the three sounds present a significant increase when the 

reflection order is changed from 5 to 20 for reverberance. In Paternoster square, except clapping sound, 

a reflection order of 5 is acceptable to render birdsong and fountain with similar results compared with 

the reflection order of 20. For Granary square, the mean ratings of immersion and realism for the three 

sounds are approximate within a narrow range. In Cabot square, the birdsong was found to have a 

significant variation when the reflection order is changed from 5 to 20. The clapping and fountain 

sounds show no notable tendency on different reflection orders for three perceived indicators. It is 

feasible to use only a reflection order of 1 to render these two sounds in Cabot square. 

 

(a)                                                  (b) 

(c)                                                  (d)    

Figure 3 – Subjective ratings under different reflection orders (1, 5 and 20) among four squares. (a) UCL 

campus square, (b) Paternoster square, (c) Granary square, (d) Cabot square. 

   For outdoor sound environment, the large square area (e.g., Cabot square and Granary square) 

reduces the rating difference among multiple reflection orders. The sound is more likely to be 

dissipated in a large space, and the subjective result is also in accordance with the sound propagation 

law. In addition, reverberance of clapping sound significantly depends on the acoustic behaviors of 

urban spaces. It is feasible to reduce the reflection order when the space is large enough. For a small 
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public square, a reflection order of 5 is acceptable to reproduce fountain sound.  

4. CONCLUSIONS 

This project examined subjective responses of immersion, realism and reverberance on multiple 

sounds with different reflection orders through a VR subjective test. The results of the subjective test 

revealed that: 

(1) Compared with the audio-only results, the VR experience was found to increase realism and 

immersion of sounds when the reflection order was set to a relatively low range (e.g., 1 and 5).  

(2) When the public square was large enough (e.g., >5000 m
2
), the reflection order was found to 

have a weak impact on immersion, realism and reverberance under VR experience for various sounds 

including birdsong, clapping and fountain. When the square was enclosed within a relatively small 

area (e.g., <2000 m
2
), a reflection order of 5 or a higher order was required, and the VR experience still 

cannot fill the gap of realism and immersion generated by the reflection order from 1 to 20.  

(3) The sound of stopped reverberance (e.g., clapping) significantly depended on the reflection 

order, and it needed to be carefully auralized during audio processing and reproduction with the 

consideration of spatial characteristics and acoustic behaviors. 

Overall, it is acceptable to employ less reflection order during auralization to render sounds under 

VR experience with similar realism and immersion. The results on perceived indicators could make 

contribution to fast auralization with less reflection order and reasonable accuracy through VR 

experience.  
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Influence of orthotropic properties on vibration of violin top  plates 
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ABSTRACT 
In this paper the mode vibrations of violin plates are investigated by numerical simulations. The plate 
geometry is scanned by means of a 3D laser scanner. Numerical simulations are performed using Finite 
Element Methods, in order to retrieve eigenmodes and mode shapes. The orthotropic properties of wood such 
as maple and spruce are introduced in the numerical simulation. We show that the shapes of the main modes 
calculated by numerical simulations are in good agreement with those of a real violin. We discuss how 
material properties influence the eigenmode frequencies and shapes.  
 
Keywords: Violin, Mode shape, Orthotropic material, Numerical Simulation 

1. INTRODUCTION 
Many studies about mode vibration of violin and sound radiation have been proposed during the years, see 

for example [1-3], but it is very difficult to obtain results with a neat interpretation from a quantitative and 

even qualitative standpoint. The shape and the dimension of current violin were settled by A. Stradivari 

(1644-1737) et al. before about 300 years ago. The mechanical properties of these instruments cannot be 

studied in detail, due to the requirement of performing completely noninvasive analyses. It is therefore 

impossible to infer the mechanical properties of the wood of the historical instruments and therefore, even 

if the same geometry of the reference instrument is used, there is no way of obtaining a perfect acoustic 

copy.  

As a consequence, numerical simulations based on Finite Element Method (FEM) and Boundary Element 

Method (BEM) have gained importance in the last few years for the analysis of the vibration of violin 

plates [4,5]. In this paper we focus on the problem of assessing how the Young’s modulus and density of 

the material impact on the eigenfrequency of the mode 5 (also known as “ring mode”), which is deemed as 

important to determine the resonances of the violin body. At knowledge of the authors, this study has not 

been conducted in the literature, yet. Moreover, in this paper we conceive the numerical analysis as a 

coupled problem between mechanical vibration and the sound field produced by the vibration. Also, the 

coupling has received minor attention in the literature. 

More specifically, in our study we conduct a numerical simulation (through FEM and BEM) of vibrational 

modes of the back plate of a violin whose geometry has been obtained by a precise 3D laser scanner, and 

we investigate the influence of the mechanical properties of the wood (maple in the case of back plates of 

the violin) on mode vibration for a range of possible values. 
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2. Method 

2.1 Scanning violin surface and generating mesh for mechanical simulation 
In this section we shortly describe the measurement of the 3D geometry of the plate from laser scanning. 

We used a plate with a finished outline, arch and thicknesses. The body length is 352 mm and the weight is 

123 g. The mean density estimated from the volume and weight is 0.637 g/cm3. A single violin has been 

used for this study. 

Figure 1 shows the snapshots of scanning the 

surface of violin, revising the geometry and 

importing the mesh used for numerical 

simulation. The resolution of laser scanner, 

Romer ABSOLUTE ARM, is 0.01mm at the 

minimum. We took both the external surface 

and internal surface of back plate of violin and 

combined them using the Polyworks™ software 

by InnovMetric. A stage aimed at removing all 

the small holes and unavoidable imperfections 

generated during the scanning has been 

accomplished before the creation of polygon 

data in the STL file. The polygon data was 

imported in the COMSOL Multiphysics™ 

software, and the three-dimensional geometry 

by tetrahedron mesh was generated by the 

automatic mesh function offered by COMSOL 

Multiphysics. The number of vertices used is 

approximately 234k, and the eigenfrequency and mode shapes were calculated by the finite element 

method. 

 

2.2 Setting of orthotropic property of wood 
In order to setup accurate simulations, it is of utmost importance to set the mechanical properties of the 

material, which in this case is wood. Wood is an orthotropic material [6, Chap. 1], as it exhibits different 

mechanical properties along three main axes, which are determined by the grain, radial and tangential 

directions. Spruce and maple blocks for violinmaking are usually cut as shown in Fig.2.  

The nominal mechanical properties of the material that are used in the simulations are shown in Table 1 [7]. 

Here, the values of ET and ER are expressed in terms of the ratio with the Young’s modulus along the 

longitudinal direction, EL. It is important to notice that different samples of maple exhibit values of EL that 

can greatly differ from the nominal value reported in Table 1. Moreover, it is difficult to measure the 

accurate Young's modulus of a plate when its arch has been already sketched.  

 

Fig.1 Snapshots scanning the surface of violin back 
plate (upper row, left), revising the geometry (upper 
row, right) and importing the mesh data to 
COMSOL Multiphysics (lower row).  
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3. Simulation Result 

3.1 Comparison of mode shape between virtual thickness and real thickness 
The thickness of plate of violin is not uniform along its extension. In particular, the central part of the plate 

is the thickest and the thickness gradually become thinner toward the peripheral part. More specifically, the 

thickness at the edge is in the range 4.2 - 4.5 mm, whereas 3 cm inside from the edge of lower bouts and 

upper bouts it is in the range 2.0 - 2.5 mm. The exact values of the thickness depend, of course, on the 

choices of the violin maker. 

Thus, the thickness has a very relevant impact on the vibrational behavior of the plate. As a first study, we 

compared eigenfrequencies and modal shapes obtained from the actual 3D geometry, with those of a plate 

with a uniform thickness. We analyzed three modes, which are deemed as important by violinmakers, 

which are namely mode 1, mode 2 (also known as “cross-mode”) and mode 5. 

The eigenfrequencies were different for all the modes under analysis. Moreover, the nodal lines (i.e. the 

regions of the modal shapes with zero displacement) of mode 1 and mode 2 are similar, whereas the nodal 

lines of mode 5 are different, as the nodal line exhibits a rounder pattern when the real thickness is used. 

This rounded contour matches with the experimental results obtained with the Chladni analysis on the same 

back plate (Fig. 4). 

 
 
 

Property  Value 

Young’s module EL 12.6(GPa) 

ER / EL  0.132 

ET / EL 0.065 

Rigidity modulus GLR / EL 0.111 

GRT / EL 0.021 * 

GLT / EL 0.063 

Poisson’s ratio μLR  0.424 

μRT 0.774 

μLT 0.476 

X  
(Longitude) 

Y (Radial) 
Z (Tangential) 

Fig.2 Orthotropic property of violin plate. Because 
wood is orthotropic material, we set the typical (or 
real) value of orthotropic properties of the wood to 
the parameters of COMSOL Multiphysics. 

* GRT is assumed by the average of other hard 
woods because the value is not showed in the 
article[7]. 

Table 1 Values for Orthotropic properties for 
setting in numerical simulation 
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This experimental validation proves the importance of using the real thickness in modeling the vibrational 

behavior of the plates, and it is easy to guess how it is important also for the violin body with assembled 

plates. It is important to notice that the measurement of the thickness is not always possible for historical 

instruments.  

In the process of violin making, violin makers adjust and finish the thickness and arch of violin plate so that 

the eigenfrequencies match target ranges. In particular, the eigenfrequency of mode 5 is known as “tap tone” 

which many violin makers hear from old days. It is generally adjusted to 340 - 350Hz in a back plate. 

When the nominal value EL = 12.6 GPa of the Young’s modulus is used, the eigenfrequency of mode 2 was 

150 Hz, that of mode 5 was 340Hz. On the other hand, by the Chladni method, the eigenfrequency of mode 

2 was 171 Hz and that of mode 5 was 352 Hz. We interpreted this difference as a consequence of the 

deviation of the mechanical properties of the wood under analysis from the nominal ones. If we ascribe the 

different behavior to the Young’s modulus only and we keep the remaining parameters to the nominal 

values, we need to increase EL to 13.5 GPa, approximately 7.2% upper than the representative value, in 

Constant 
Thickness 
d = 3.5mm 

Real 
Thickness 

Mode 1 Mode 2 Mode 5 

Fig.3 Mode shapes of back-plate of violin, (a) mode 2 (x-mode), (b) mode 5 (ring mode).  

Fig.4 Mode shapes (mode 2, 171 Hz, and mode 5, 352 
Hz) of back-plate of violin by Chladni Method. 

mode 2 

mode 5 
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order to obtain the same eigenfrequencies of the sample violin. 
 

3.2 Impact of the properties of wood on the eigenfrequency  
Figure 5 plots the eigenfrequency of the modes as a function of the thickness of the central part of the plate, 

expressed in millimeters. The thickness of the rest of the plate was scaled proportionally. The actual 

thickness of the central part of the plate under analysis was 4.0 mm. The range of thicknesses in our 

numerical simulation was set from 3.5 mm to 4.2 mm, here the range is general thickness when violin 

makers make a violin.  

In order to modify the thickness of the plate, we developed an ad-hoc algorithm that modifies the 

z-coordinate of the outer mesh (the mesh of inside arch is fixed), once the representative value of the 

thickness at the center of the plate is given. It is possible to notice from Fig. 5 that for both modes 2 and 5, 

in the considered range there is a linear relationship between eigenfrequency and thickness. 

 

  
 

On the other hand, we could be interested in assessing the impact of a modification of the Young’s modulus 

on the eigenfrequency. Figure 6 and Figure 7 show the variation of the eigenfrequency when the Young's 

modulus and the density span in the range from -20% to +20% of the nominal value. This range has been 

suggested by violinmakers. We notice that if the elasticity in the grain direction, EL, increases, the 

eigenfrequencies of mode 2 and mode 5 become higher. Conversely, if the density increases the 

eigenfrequencies decrease.  

 

thickness of test violin 

Fig.5 Change of eigenfrequency by the change in thickness of back plate. The thickness 
in horizontal axis is the thickest point in the center of back plate. 4.0 mm is the thickness 
of test violin used in this study. 
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In practical situations, one could be interested in determining the thickness of a plate when the Young’s 

modulus differs from the nominal value so that the eigenfrequencies match with the target values. For this 

purpose, Figure 8 shows the relation between the density, the Young’s modulus, the thickness at the center 

of the plate and the eigenfrequency, under the assumption that the three variables are independent each 

other. As mentioned above, violin makers check the eigenfrequency of the mode 5 listening to the tap tone 

and, based on this, trim the arch and the thickness of the plate so that the mode frequency falls in the range 

from 340 to 350Hz. Figure 8 quantifies the modification of the thickness of the plate so that the 

eigenfrequency increases or decreases when the elasticity and density of wood change. 

As an example, it is possible to notice from Fig. 8(a) that when the density increases by 10%, the frequency 

decreases approximately by 16Hz. To restore the frequency of 352Hz of the mode 5, the thickness must be 

increased by approximately 0.3 mm. Moreover, from the inspection of Fig. 8(b), we can notice that when 

EL decreases by 10%, the frequency decreases approximately by 18Hz. To keep the eigenfrequency of 

352Hz, a violin maker should increase the thickness of the plate approximately 0.3 mm.  

Fig.6 Change of eigenfrequencies by the difference in EL of 
back-plate. 

EL of test violin 

Fig.7 Change of eigenfrequencies by the difference in density of 
back-plate. 

Density of test violin 
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However, it is important to stress that the Young's modulus and the density are not independent variables, 

and therefore we cannot directly apply the rule of thumb proposed above simply. Nonetheless, this analysis 

gives us some ideas, at least qualitative, of the trend.  

 

 

4. CONCLUSIONS 
In this study we performed a numerical simulation of the vibration of back plate of violin by the finite 

element method using COMSOL Multiphysics and analyzed the tendency of the change of the vibration 

mode by the change of the physical characteristics of maple. The analysis of these relationships by the 

change of physical characteristics helps violin production, and it is thought that these analyses contribute 

the analysis of the sound of historical Italian violin in future. Focusing on the acoustic radiation from a 

violin body, now we are preparing the geometry of not only back plate of a violin but also whole body and 

parts, and we will simulate numerically the coupled problem of structure and acoustic in near future. 
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Direct and inverse Hopf bifurcation in a neutral delay differential equation
model of reed conical instrument

Tom Colinot(1), Louis Guillot(1), Jean Kergomard(1)

(1)Aix-Marseille Univ, ECM, CNRS, LMA, UMR7031, Marseille, France, kergomard@lma.cnrs-mrs.fr

Abstract
In conical musical instrument, the self-sustained oscillations appear at a blowing pressure threshold. At this
threshold, the mathematical model encounters a so-called Hopf bifurcation. The bifurcation can be either direct
or inverse which determines the stability of the arising oscillation. It is well known that for cylindrical instru-
ments (clarinet-like instruments), the bifurcation is direct most of the time. In the case of conical instruments,
the nature of the bifurcation has been studied analytically before, for instance using geometrical approximations
based on cylinders. It is expected to find an inverse bifurcation in some cases. The proposed study addresses the
bifurcation of an idealized model of reed instrument with a lossless conical resonator and a compliant mouth-
piece, using two methods : a direct time-integration algorithm and a Taylor series based continuation method
of periodic solutions, based on the harmonic balance method. It allows to draw the whole branch of periodic
solutions and to deduce the type of Hopf bifurcation from a full diagram. Super-critical Hopf bifurcations can
be found, with two fold bifurcations whose positions depend on the value of the geometrical parameters of the
instrument.

Keywords: Hopf bifurcation, conical instrument, neutral delayed differential equations, harmonic balance
method, time-integration

1 INTRODUCTION
The study of periodic solutions of physical models has shown to be an efficient tool to understand the behavior

of the systems considered. A first common application is to predict and avoid undesired instabilities. In musical

acoustics, the periodic solutions are sought for as they correspond to the regimes where an instrument produces

a note. A lot of methods are available in the literature to study these regimes. Among those, two essentially

different approaches will be considered. The first one is time-integration method. From the knowledge of the

system before the starting time of integration, it reconstructs the behavior of the system for all greater times.

Without a priori knowledge on the solution type, it is then possible to reconstruct the whole signal or waveform.

For all the values of the parameters, a new time-integration is performed and thus the behavior of the system

is known on a range of the parameters. However, this can be more complex in the case of several co-existing

solutions and these methods are often unable to obtain unstable regimes. If the aim is the study of periodic

solutions, the transient regime before the steady state can be very long and difficult to characterize. The second

type of approach is continuation methods. These methods allow to keep track of the waveform as one parameter

of the system is varied. Only steady-state solutions are considered. Thus, from one starting periodic solution

a whole branch of periodic solution is determined. From the solution branch, it is possible to determine the

critical value of the parameter above which a sound arise (the Hopf bifurcation point). A study of the oscillation

thresholds of the clarinet by continuation is proposed in [8].

In this short article, the two complementary approaches are applied to a simplified model of saxophone. Pre-

vious work treat the bifurcation of saxophone-like instruments using multi-cylindrical approximations of the

resonator [5, 6] or approaches based on the input impedance [7]. The model we use here has a conical res-

onator modelled by a delayed system. It is taken from [3]. Although losses and reed dynamics are ignored,

this model has been shown to reproduce internal pressure waveform for the saxophone. A reformulation of the

model leads to a strongly nonlinear neutral delay differential equation, for which no analytical solution exists.
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However, the equation can be solved numerically using sound synthesis (time-integration) or harmonic balance.

From sound synthesis, the general features of the produced sound are determined in a two-dimensional space

of parameters value. This study helps to give a hint of the behavior of the system but fails to state clearly

whether the Hopf bifurcation is super-critical of sub-critical. In practice, this information is interesting from the

musician point of view. The super-critical case features a soft appearance of the sound in the instrument while

the sub-critical case is often linked with a sudden appearance of the sound and a hysteresis loop. The con-

tinuation study of the same model is performed with a Taylor series based method coupled with the harmonic

balance method [2]. It allows to have a continuous representation of the solution-branch. From the continuation

diagram, the nature (super- or sub-critical) of the Hopf bifurcation and the hysteresis loops can be determined.

The results obtained with the two methods are compared to validate the approaches.

2 Model and numerical methods
2.1 Model
The acoustical variables at the input of the resonator p and u are in dimensionless form, obtained from the the

physical values p̂ and û as

p =
p̂

pM
, u = Zc

û
pM

, (1)

where pM is the static pressure necessary to close the reed channel completely, and Zc =
ρc
S is the characteristic

impedance. The control parameters of the model are

γ =
pm

pM
, ζ = ZcwH

√
2

ρ pM
, (2)

where pm is the pressure in the mouth of the musician, w is the width of the reed channel and H is the height

of the reed channel at rest. The control parameter ζ represents dimensionless reed opening at rest.

The reed is considered as a spring without mass: its position is proportional to the pressure difference between

the input of the instrument and the mouth of the musician. The nonlinear characteristic giving the flow u
depending on the pressure p and the control parameters is deduced from the Bernoulli law [4] and writes

u = F(p) =
{

ζ (1− γ + p)sign(γ − p)
√|γ − p| if p ≥ γ −1

0 if p < γ −1
. (3)

The resonator of the saxophone is considered as a lossless conical waveguide with a lumped mouthpiece, whose

volume equals the volume of the missing apex of the cone [3]. The pressure p at the input obeys the equation

d p
dt

(t) =
d p
dt

(t − τ̂)− 6c
x1

[
p−(t)+ p+(t − τ̂)+

c
2x1

∫ t

t−τ̂
p(t ′)dt ′

]
, (4)

where p+ = (p+u)/2 and p− = (p−u)/2 and the parameters are x1 the length of the missing apex of the cone,

τ̂ = 2�/c is the duration of a round trip in the resonator of length �.

Deriving equation (4) leads to an equation in p only, that can be used for harmonic balance:

p̈+
√

3(1−F ′(p)) ṗ+ p = p̈τ −
√

3(1+F ′(pτ))ṗτ + pτ , (5)

where pτ is the delayed pressure and the time and delay are dimensionless:

t̃ =
c
x1

√
3t , τ =

2�

x1

√
3. (6)

The dot notation signals derivation with respect to the dimensionless time. With the dimensionless time, there

are only 3 parameters : the control parameters ζ and γ , and the delay τ which is proportional to the ratio �/x1.

In this paper, ζ is fixed at 1 and x1 at 0.4 m, which is a typical value for alto saxophones, as we concentrate

on the effects of parameters γ and �.
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2.2 Sound synthesis
Equation (4) may be discretized to serve for sound synthesis synthesis with time step ts:

In = In−1 +
cts
4x1

(pn + pn−1 − pn−2M − pn−2M−1) (7)

pn+1 = pn + pn−2M+1 − pn−2M − 6cts
x1

(
1

2
(pn −un)+

1

2
(pn−2M +un−2M)+ In

)
(8)

un+1 = F(pn+1), (9)

where M = �/(cts) and In is the discretized version of the integral of p.

In order to explore the oscillating regimes of the model, a cartography is calculated by time-integration, describ-

ing the peak-to-peak amplitude of the last 0.1 s of the pressure signal p in simulations of 1 second of sound

each, with different values of γ and �. Figure 1 presents this cartography. The mouth pressure parameter γ
varies from 0.25 to 0.5, around the threshold where oscillations appear, at about 1/3. The lengths � range from

0.3 m, below x1, to 1.1 m which is approximately the total length of an alto saxophone resonator. A change

in behavior appears at the apparition of the oscillation (γ � 0.35), depending on the value of the length �: for

� < x1 the amplitude of the oscillations increases smoothly with γ , and for � > 2x1 the change in amplitude is

brutal. There is an intermediary region with a smooth increase of the amplitude followed by a brutal jump.

This could indicate a change in the nature of the Hopf bifurcation, from super-critical to sub-critical. To verify

this idea, we use harmonic balance, and continuation in function of γ for 3 particular values of � : �= x1 = 0.4,

�= 0.6 m and �= 1 m.

0.5

1

1.5

2

Figure 1. Cartography of the final peak-to-peak amplitude of the internal pressure signal p. Red dotted lines:

particular values of � where the bifurcation is studied by continuation (figures 3 and 2).

2.3 Continuation with harmonic balance method
A Taylor-series based continuation method, called asymptotic numerical method (ANM), is used. It is based on

the numerical continuation of a system of equations

R(X ,λ ) = 0 where X ,R(X ,λ ) ∈ R
n and λ ∈ R. (10)

The parameter λ is the continuation parameter and the vector of unknowns is X . The solution-set of equa-

tions (10) can be represented as a collection of (one-dimensional) curves in the total space (X ,λ ). The ANM

has the specificity to require a specific treatment of the equations to obtain an equivalent system of equation

with at most quadratic nonlinearities [1]. This allows to compute an approximation of the solution branches

(X(a),λ (a)) on the form of Taylor series

X(a) = X0 +X1a+X2a2 + . . . and λ (a) = λ0 +λ1a+λ2a2 + . . . (11)
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where a is a parametrization of the solution-branch which verifies here a = X1(X −X0)+ λ1(λ − λ0). In the

present work, the equation of the model is discretized in the frequency domain using harmonic balance method

(HBM), that is a truncated Fourier expansion of the unknown

p(t) = p0 +
H

∑
k=1

pc,k cos(kωt)+ ps,k sin(kωt) (12)

This ansatz is put in the quadratic recast of the model equation in order to obtain a system of the form (10)

where X is a vector containing the all Fourier coefficients and the unknown angular frequency ω . The parameter

λ is γ or � in the following study. The truncated Fourier expansion (at order H = 50 in the applications) of

p and the angular frequency ω are then known along the solution branch. The generalization of the coupling

between HBM and ANM in the case of systems with time-delay has been done in [2].

3 Results
The results in this section are presented on the form of several figures. On these figures, the amplitude and the

angular frequency of the acoustic pressure p computed with the continuation method are represented in blue

solid lines. The truncation order for the Fourier series is H = 50. The red crosses are the point-wise periodic

solutions given by the sound synthesis algorithm. The red circles are quasi-periodic steady state solutions. The

comparison is made for values of the parameters along the red dotted lines of the figure 1. The agreement

of both methods is very good on most of the results. A surprising feature of the system at � fixed is that

even if the Hopf bifurcation seems super-critical in all cases, the larger � is, the sooner the Hopf bifurcation is

followed by a first fold bifurcation (or limit point), before the second one where the periodic solution retrieves

its stability. For � sufficiently small (see right figure 3) the two fold bifurcations are getting closer and with less

effect on the dynamics of the system. However, in this case the periodic solution seems to become unstable

quickly to the benefit of a quasi-periodic solution obtained with sound synthesis. In terms of frequency, a

pitch-flattening effect is observed for high γ values, but before the first fold bifurcation, the pitch rises when γ
augments.

4 CONCLUSIONS
For this simple saxophone model, the Hopf bifurcation is never found to be sub-critical, but hysteretic behavior

can appear due to the presence of two fold bifurcations, which are increasingly far apart as the length of the

resonator augments. Further work may include a study of the dependence of these phenomena on the volume of

the mouthpiece or the reed opening control parameter ζ , as well as a study on the stability of the equilibrium

and the oscillating solution in the region where they coexist.
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Figure 2. Bifurcation diagram representing the final peak-to-peak amplitude and the frequency of the internal

pressure signal p, for �= 1. Blue line: continuation and harmonic balance. Red crosses: sound synthesis.
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Abstract
Since Arthur Benade, the cutoff frequency of woodwind instruments is a well-known concept that is a result of the
acoustic regularity of the tonehole lattice. The distinction between the global cutoff frequency and the local cutoff
frequencies was recently introduced. The first can be approximately defined from the input impedance curve, while
the second is related to the different cells of the lattice and can be theoretically determined from their individual
geometries. From the local cutoff frequencies, it is possible to check the acoustic regularity of an instrument, as was
done for the clarinet, even if the geometry is irregular. The present work aims at finding a generalization for conical
instruments. The existence of a global cutoff is evident in the impedance curves of oboes, bassoons, and saxophones
published by Benade. However, the existence of periodicity is not obvious for a conical geometry because the cells
are a priori very different, due to the taper. The present work uses a change of variables to investigate an acoustic
periodicity for conical resonators and derives an equation for quantifying the acoustical regularity of a given conical
resonator. This method can be applied to the case of a saxophone, for which the local cutoff frequencies are calculated
from the geometry of the instrument.
Keywords: Musical acoustics, saxophone, cutoff frequency

1 Introduction
Physical modeling of woodwind instruments typically divides the problem into two parts: the reed as a nonlinear
excitation mechanism, and the body as a passive resonator that facilitates the auto-oscillation of the reed in
addition to radiating sound. The acoustical response of a resonator is often characterized by its input impedance.
If the resonator has a series of open toneholes, the input impedance shows low frequency and high frequency
characteristics due to the periodicity of the lattice of toneholes, and the transition occurs at the tonehole lattice
cutoff frequency [1].
In general, a global cutoff frequency can be estimated from measurements of the input impedance. In the case
of cylindrical woodwind instruments, such as the clarinet, a local cutoff frequency can be defined from the
geometry of the instrument by calculating the theoretical Helmholtz resonance of adjacent tonehole cells [2].
This shows that, regardless of cell dimensions, an acoustic regularity can be found such that if each cell has
the same local cutoff frequency, the input impedance will display the same global cutoff frequency as any given
cell. In the current work, we seek to generalize the concept of acoustic regularity to conical instruments.
The transfer matrices, including a change of variables, that describe wave propagation in a cone with tone-
holes [3] are presented in Section 2. Acoustic regularity of a conical lattice of toneholes and its application is
discussed in Section 3, followed by conclusions and perspectives in Section 4.

2 Simple formula for the cutoff frequency of conical tubes
2.1 Basic equations
Consider a truncated cone of length L, input radius R1, output radius R2. The longitudinal coordinate is r.
At the abscissa r, the radius is R = rtan(ϑ), where ϑ is the half-angle at the apex. The length L is equal to
r2− r1 = (R2−R1)/tan(ϑ). The area of the cross section is S = πR2. In the frequency domain, the Helmholtz
equation for the acoustic pressure P(r) is written as:
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d2(rP)
dr2 + k2(rP) = 0 (1)

Losses are ignored, k = ω/c is the wavenumber, where ω is the angular fequency, and c the sound speed. The
acoustic velocity V is derived by using the Euler equation, ∂rP =− jkρcV , where ρ is the air density.
Between the two abscissae r1and r2, the following transfer matrix equation can be written as:(

Pr
V r− P

jωρ

)
1
=

(
coskL jρcsinkL

j(ρc)−1sinkL coskL

)(
Pr

V r− P
jωρ

)
2
. (2)

When a tonehole is present, we assume that its effect is that of a shunt acoustic mass, m = ρh/s, where s is
the cross section area of the hole, and h its chimney height that includes inner and outer length correction. The
simplest model for the hole is considered, with the continuity of the planar wave pressure. At the location of
the hole, the volume velocity relationship is written as:

VL =VR +P/( jωmS). (3)

The subscripts L and R correspond to the left and right sides of the hole, respectively. Therefore the transfer
matrix from the left to the right can be written as(

Pr
V r− P

jωρ

)
L
=

(
1 0
Y 1

)(
Pr

V r− P
jωρ

)
R

(4)

where
Y =

1
jωmS

. (5)

We use the notations MLand Mh for the matrices defined by Eq. (2) and (4): they are the matrices for the wave
propagation over the distance L and through the hole n, respectively. If we build a “conical” lattice with the
product (MLMhML)

N , the lattice corresponds to the repetition of N cells of tube segments of length 2L with a
hole at the middle. If the length 2Ln and the (specific) admittance Yn of the hole is the same for all cells, the
resulting lattice is a periodic medium, despite the fact that the tube is a cone, and the geometry is not periodic.
We notice that the model is the same for a cylindrical tube, but here the characteristic quantity of a hole is
1/Yn = jωmnSn, where Sn varies from one cell to the next one. Another difference with a cylindrical tube lies
in the term −P/jωρ , which has to be taken into account at the extremities of the lattice. It can be ignored at
the open end because the radiation impedance is small but, at the input, it is responsible for a big qualitative
difference between the behaviors of cylindrical and conical tubes. This difference is analyzed in many papers.

2.2 Local cutoff frequency
Formally, the analysis of a conical lattice is identical to that of a cylindrical lattice. We do not detail here the
explanation given in [2] concerning the distinction between global and local cutoff frequencies.
The local cutoff frequency for a cell of the lattice is calculated by deriving the coefficients (classically denoted
A, B ,C ,D) of the transfer matrix of one cell, MLMhML, and equating A = D =±1. This leads to the following
equation:

jρccot(kL) = 2 jωmS. (6)

At low frequencies, this leads to the value of the local cutoff fc

fc '
c

2πL
1√

2mS/ρL+1/3
=

c
2π

1√
2mSL/ρ

(7)
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The first expression is found by retaining two terms of the expansion of the cotangent function in kL, while the
second retains only one term. The first is slightly more accurate than the second. This gives the definition of
the local cutoff frequency.
In contrast to the cylindrical case, this local cutoff frequency is not the eigenfrequency of a cell closed at its
extremity (see [2, 4]). For a cylindrical geometry, the term 2SL defines the volume of the cell, and a simple
interpretation is to treat fc as the Helmholtz resonance of an equivalent cell. This is not valid for a conical
resonator because 2SL is not the volume of a truncated cone if S is at the midpoint.

3 Analysis of the regularity of a lattice
3.1 Perfect acoustic regularity
In [2] it has been shown that if the (local) cutoff frequencies of the cells are identical, the cutoff frequency
seen in the input impedance curve, called the global cutoff frequency, are equal to the local frequencies. The
equality of the local cutoff frequencies can be obtained with various dimensions of the holes. Equation (7)
provides the condition for acoustical regularity: 2LhS/s is independent of the hole. Because this analysis is
for conical resonators, it is important to remember that the area S is the cross section of the main tube at the
location of the hole. This analysis shows that despite an irregular geometry, an acoustic regularity can be found.

3.2 Analysis of the regularity of an alto saxophone
We measured the geometry of an alto saxophone Senzo, produced by Buffet Crampon. In [2] the aim was to
analyse the regularity of a clarinet. It was shown that it is possible to divide the instrument into asymmetric
cells with equal local cutoff frequencies. Two methods were used, but an approximate approach was also
proposed in order to examine the degree of regularity without requiring the division of the instrument into
discrete cells, which is not a trivial task. This later approach is now used for the investigation of a saxophone.
Equation (7) is modified as follows:

1
k2

cn
= 2Lnhn

Sn

sn
+

1
3
= 2Lnhn

Sn

sn
(8)

If the cutoff is identical for two adjacent cells (n and n+1), we can write the geometric relationship between
adjacent cells as

LnmnSn = Ln+1mn+1Sn+1 =
ρ

2k2
c
. (9)

The distance between hole n and n+1 is d = Ln +Ln+1, so a characteristic cutoff frequency is defined by

fch =
c

2π

√
ρ

2d

(
1

mnSn
+

1
mn+1Sn+1

)
(10)

If the cutoff frequencies of the adjacent cells are equal, this expression is valid. Therefore, if all pairs of
adjacent cells have a similar frequency calculated by Equation (10), the resonator is acoustically regular. Oth-
erwise, if this frequency varies with the considered pair of cells, the variation can be viewed as a measure of
irregularity.
Applying this definition of a characteristic frequency to the geometry of a saxophone and comparing with the
global cutoff frequency from a measured impedance is continuing as work in progress.
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4 Conclusions and perspectives
The global cutoff frequency and a local cutoff frequency defined by the tonehole lattice geometry is treated
for cylindrical instruments in Moers et al [2]. Here, we attempt a generalization from the specific case of a
cylindrical tonehole lattice that conical case. We derive a local cutoff frequency that can be applied to individual
cells. However, this result is not sufficient to analyze a conical tonehole lattice because there is no simple way
to divide the lattice into cells. Therefore, we derive a characteristic frequency relating the acoustic masses of
two adjacent cells and the length of cone between them. This local value is viewed as a measure of acoustic
regularity for a conical tonehole lattice.
In “Fundamentals of Musical Acoustics,” Benade provides input impedance measurements to demonstrate the
tonehole lattice global cutoff frequency for many instruments including the clarinet, oboe, basson, and even less
common instruments such as the tarogato. However, he does not provide similar figures relating to the cutoff
frequencies of a saxophone. Although the cutoff frequency is apparent in input impedance measurements (for
example the website of Wolfe [5, 6]), the phenomena is not as clear as it is for other instruments. The current
work shows that simple eigenfrequency interpretation that works for cylindrical instruments can not be applied
to the saxophone, but that a second method of evaluating acoustic regularity shows promise.
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ABSTRACT 
Tempo estimation for musical audio has been intensively conducted in the field of MIR(Musical Information 
Retrieval). Most popular methods for tempo estimation uses frequency analysis for envelope of the audio to 
obtain tempo from power spectrum of the Fourier transform of the envelope. A method is implemented to 
estimate local tempo for the audio of tempo-variated music. To estimate it, the authors’ former study employs 
conventional Zero-padding, in order to obtain high resolution of tempo estimation. The resultant accuracy of 
tempo estimation is, however, not so high (37.6%) compared to their global tempo estimation’s result (83%). 
Possible reason of it is the difficulty to have appropriate length of time window, since the desired length of the 
window depends on the cycle of beats. Thus, this report proposes a novel method for local tempo estimation 
for tempo-variated musical audio. The authors propose to use a certain set of time window length for the 
musical audio, to obtain frequencies from power spectrum, and then estimate tempo by integrating the results 
of the Fourier analysis for the signals from different time windows.   
 
Keywords: Tempo estimation, FFT, FFT window, Beat 

1. BACKGROUND 
Tempo is an index of the speed in music calculated by intervals between two beats, which 

usually have large acoustic energy in musical signal. The envelope of the musical signal 
includes large energy corresponding to the musical beats. Conventional methods [1,2] for the 
estimation of tempo utilize the frequency analysis for the envelope. The frequency analysis is 
possible to analyze periodic feature of current waveform and describing it as constant periodic 
signal. However, if the waveform is aperiodic signal is analyzed, the resultant power spectrum 
is complex due to the aperiodic feature of signal. The beats of musical audio of tempo-variated 
music appears aperiodically. Thus, tempo estimation for tempo-variated music is said as 
difficult to obtain correct tempi.     

2. MANUSCRIPT FORMAT 

2.1 Aims 
This report proposes a novel method for local tempo estimation for tempo variated musical audio.  

2.2 Theory 
Including several beats on tempo variated music in time window on frequency analysis may provide 

a difficult result. Thus, designing a time window that includes only two distinct beats is desirable. On 
other hand, estimation of the length of time window means the estimation of the tempo so that it is not 
be conducted easily. At this point, considering window length, used by one pattern window length isn’t 
suitable method. An alternative to cope with the problem is to utilize a certain set of length of time 
window. 
                                                        
1 unkomgn@gmail.com 
2 miura.masanobu@kunitachi.ac.jp 

6456



 

 

2.3 Method 
This report tries to employ two length of time window for 1sec and 2sec, to obtain frequencies from 

power spectrum and then estimate tempo by integrating the results of the Fourier analysis for the 
signals from different time windows. Integrating method compare to two calculated by two windows 
of rate is 2:1 (1sec and 2sec), and employ having high power. 

2.4 Results 
Figure 1 shows the result of tempo estimation by two type of time windows for the signal with 

aperiodic click sounds. Figure 2 shows the result of tempo estimation by proposed method, by 
integrating the results of the two windows. Correct tempo is represented as a stepwise function. As the 
figures shows the effectivity of use of the two windows to estimate tempo for interval variated click 
sound. 

 

 
Figure 1 Result of tempo estimation by two type of time window 

 

 
Figure 2 Result of tempo estimation by proposed method  
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3. CONCLUSIONS 
Here we newly proposed a method to employ several windows on the FFT, to preserve both time 

resolution and frequency (at here, the bpm) resolution. Preliminary experiment was conducted to 
examine the effectiveness of the proposed method. The efficiency of the method was confirmed. At 
future work, we discuss the number of windows and the length on each window, so that the precision 
of tempo estimation will be better than current result. 
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ABSTRACT 

The acoustic sound production mechanisms of reed instruments, brass instruments as well as of the human voice 
(singing and speech) are already well investigated. In this paper these mechanisms will be compared from three 
viewpoints: (i) sound source (reeds, lips, vocal folds), (ii) filter, i.e., sound transmission and sound radiation via 
tube or pipe and (iii) interaction mechanisms between source and filter. Interaction can be divided in aerody-
namic-acoustical interaction and aerodynamic-mechanical interaction. It is known that the aerodynamic- 
mechanical interaction decreases from reeds via brass to voice. In this study the influence of this interaction on 
pitch is investigated for reeds, brass and voice by using a computer model for sound production. Simulations using 
this model underline the influence of the filter on pitch in reeds and brass while pitch in speech and singing is 
mainly controlled by source parameters like vocal fold tension. 

Keywords: Sound production, voice, music instruments, reeds, brass 

1. INTRODUCTION 
While source models for reed and brass instruments are limited, a well-known source model exists for speech 

and singing. This model is a self-oscillating two-mass model of the vocal folds introduced by Ishizaka & 
Flanagan (1) and refined by Pelorson et al. (2) and others later. This simulation model constitutes a good 
compromise between computational efficiency and approximation of the mechanical and dynamical properties of 
the vocal folds.  The mechanic-dynamical part includes two coupled damped spring-mass pairs simulating the 
lower part (also: inner part: vocalis muscle) and the upper part (also: outer part: mucosa) of the vocal folds. The 
aerodynamic effects taking place within the region of the glottal narrowing are (i) the Bernoulli pressure drop, 
(ii) viscous losses due to air flow and wall interactions, (iii) the inertia of the mass of the tracheal- 
glottal-pharyngeal air column and (iv) turbulent dissipation of kinetic energy occurring in the jet flow at glottal 
outlet (2). The detailed modeling of these aerodynamic effects is important in order to get the correct external 
driving forces acting on the surface of the masses of the two-mass model and in order to calculate a correct 
glottal flow. 

The excitation source of a reed instrument, here of a clarinet, can be modelled using a distributed 
one-dimensional model or a lumped one-mass model approximation of the mechanic-dynamical system 
representing the lips-reed system of player and instrument. Pressure difference and the resulting airflow 
occurring between the oral cavity of the player and the mouth piece chamber of the instrument are calculated by 
taking into account here the Bernoulli pressure and viscous losses (3, 4, 5).  

In case of the excitation source of a brass instrument, here of a trumpet, the vibrating lips can be modelled 
using a one-mass model with one or two degrees of freedom concerning movement direction (6, 7). Two 
dimensions for lip movement are necessary because the lips move up and down in order to regulate lip aperture 
(closing and opening) but the front part of the lips as well moves in front-back direction, i.e. inside-outside 
direction relative to mouthpiece (7).

For the simulation of the aerodynamic and acoustic characteristics of the vocal tract as well as of the bore or 
tube of a reed or brass instrument, a reflection type line analog or transmission line model can be used (for a 
vocal tract model, see (8); for a clarinet model, see (9)). In the case of the filter, mainly the radiation losses at the 
end of the bore or tube (i.e., mouth or bell) as well as the loss due to the backward traveling air flow into the 
source (glottis or mouthpiece) needs to be calculated. In addition it is useful to include wall vibration losses 
(shunt losses) in order to allow oral closures in case of speech and singing or in order to allow a correct modeling 
of losses in case of long and small bores like in the case of brass and reed instruments. An alternative for a pure 
simulation of the acoustics of the bore or tube, i.e., of the filter, is the calculation of its input impedance (see e.g. 
10).  

Source-filter interaction – i.e. interaction between sound source (vibrating system which produces the initial 
air pulses) and the tube (vocal tract tube or instrument bore or tube in which the air pulse is propagated) – can be 
separated into aerodynamic-mechanical and aerodynamic-acoustical interaction. These interactions are 
investigated already in detail for speech and singing. Aerodynamic-acoustic interaction influences the glottal 
flow shape (11, 12). Aerodynamic-mechanical interaction is stronger than aerodynamic- acoustical interaction 
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and leads to changes in vocal fold vibration (13). This can be an alteration of fundamental frequency or a 
strengthening or weakening of glottal vibration. A strengthening occurs in cases where F0 remains below the 
frequency of the first (or a higher) resonance of the filter. A weakening occurs if pitch of the source and the 
frequency of a resonance of the filter are at about the same value (i.e., in the case of a strong resonance coupling 
of source and filter) or if the vocal tract is closed in case of speech and singing and thus airflow is massively 
obstructed.  

In this paper simulations are executed which support the idea that the aerodynamic-acoustical source-filter 
interaction is much stronger in case of reeds than in case of singing, while brass instruments are in an 
intermediate position. In the case of reed instruments the acoustical length of the bore or tube mainly controls 
pitch. In the case of speech or singing vocal folds parameters like vocal fold tension and pulmonary or subglottal 
pressure mainly control pitch while the vocal tract here is of nearly no influence. Thus in the case of singing the 
vocal tube is allowed to be modified in shape and length while pitch is not influenced. This allows the 
production of different vowel qualities and different sounds with constant glottal excitation. In case of music 
instruments the situation is different. Here the sound or timbre of a music instrument is mainly fixed by the 
shape of the instrument itself. The timbre or sound quality (independent of pitch) of the music instrument is one 
of the main perceptual factors for the identification of the instrument.  

In and further experiment of this study it will be shown that brass instruments take an intermediate position 
concerning pitch control. While F0 is controlled here by lip tension in combination with length of tube or bore, it 
is known that in specific cases pitch can be controlled by lips alone. A trained trombone player is able to produce 
a glissando of more than one octave without changing the position of the slide, i.e. an experienced player can 
produce a glissando covering more than one octave without changing the length of the tube or bore of the 
instrument. For reed instruments this is not possible. Here pitch is governed mainly by the acoustic length of the 
bore and lip as well as jaw articulation lead only to small changes in pitch (cf. the complex production 
mechanism for the clarinet glissando in Gershwin’s “Rapsody In Blue”, see (14)). 

2. METHOD: THE SIMULATION MODEL 
A reflection-type line analog (8) is used here for time domain simulation of the tube aerodynamics and 

acoustics, i.e. for simulating the aerodynamics and acoustics within trachea, glottis, pharynx and oral cavity in 
case of voice, for simulating the aerodynamics and acoustics within oral cavity, tip of mouth piece, mouth piece 
chamber, bore and bell in case of reeds (here: clarinet) and for simulating the aerodynamics and acoustics within 
oral cavity, lips, mouthpiece chamber, bore and bell in case of brass (here: trumpet). In case of simulating 20000 
time steps per second 22 tube sections (singing) via 68 tube sections (clarinet) up to 162 tube sections (trumpet) 
with constant length (l = 0.875 cm) and constant cross section area are needed in order to model a tube of 17.5 
cm length for vocal tube (voice) via 59.5 cm length for clarinet (reeds) including bell to 140 cm length for 
trumpet (brass; Fig. 1) including flare and bell. In each case the first three sections represent the end of trachea, 
laryngeal constriction beginning of pharynx in case of voice, represent the end of oral cavity, tip of reed 
constriction and begin of mouthpiece chamber in case of reed instruments or represent the end of oral cavity, 
labial constriction and mouthpiece chamber in case of brass instruments (see light blue sections in Fig. 2). The 
further sections represent the vocal tract tube or the bore and bell of the reed or brass instrument (Fig. 1). 

In case of the vocal tract the cross sectional area was set to a constant value from larynx to mouth (A = 4.9 
cm2; diameter d = 2.5 cm) representing vowel, i.e., a schwa sound. In case of the clarinet the bore has a diameter 
of approximately 2.8 cm, leading to a cross sectional area of A = 6.16 cm2. The bell was modelled by increasing 
the cross sectional area in a nearly exponential way for the last 13 tube sections (last 11.5 cm of clarinet length) 
up to a maximum area of A = 38.5 cm2 (d = 7.0 cm). The first cross sections representing the upper part of the 
mouthpiece chamber of the clarinet were set to A = 1 cm2 (see Fig. 2). In the case of the vocal tract the first 
formant (first vocal tract tube resonance) appears at F1 = 500 Hz while the first resonance for the clarinet bore 
appears at about 147 Hz and that of a trumpet at about 63 Hz. While the clarinet is modeled geometrically by a 
cylindrical bore plus a short and small bell, the bore, flare and bell of a trumpet is more complex. Detailed data 
for cross sectional diameter values for a trumpet are given by Kipp (15). The diameter of the trumpet bore is very 
small (of about 1.2 cm) while the diameter increases up to 14 cm at the end of the bell. 

Losses are modelled (i) at the first tube section as free radiation of the backward traveling partial flow wave 
in the trachea (for voice, see (16)) or in the mouth cavity (for reed and brass instruments), (ii) at the second tube 
section in order to simulate the Bernoulli pressure drop at the strongest constriction within the whole line (2) and 
(iii) at the last tube section in form of radiation losses due to radiation at the mouth (for voice, see (16)) or at the 
bell (for reed and brass instruments). Spatially distributed losses are implemented as shunt losses for simulating 
wall vibrations over the whole length of the bore or vocal tract (ibid.).  

Concerning the vocal folds which are simulated by the two-mass model mass 1 (m1) represents the lower 
muscular part of the vocal folds (main mass) while the smaller and lightweight mass m2 represents the vocal fold 
tissue (mucosa) occurring at the outlet region (upper region) of the glottal narrowing. The complete dynamically 
coupled spring mass system is displayed as red structure in Fig. 2. Two masses are needed to model the 
oscillatory behavior of the vocal folds correctly, because it is an important characteristic of glottal vibration that 
the upper part of the vocal folds (m2) opens and closes later than the lower main part of the vocal folds (m1). This 
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allows the correct modeling of aerodynamic to mechanic energy transfer: During the closure period of the upper 
part of the glottis the subglottal pressure acts on the main mass and causes glottal abduction in this lower region 
of the vocal folds. Later, the upper part of vocal folds opens, and Bernoulli under-pressure occurs as a result of 
the now occurring upstreaming strong air flow. This under-pressure – beside the restoring forces resulting from 
the mechanical part of the two mass oscillators – helps to re-adduct the vocal folds and leads to glottal closure as 
part of each glottal vibration cycle. Thus the two mass model is needed in order to generate a stable two phase 
energy transfer (positive pressure on the lower part of the vocal folds for vocal fold abduction in the opening 
phase of glottal cycle and later negative pressure on upper and lower part of the vocal folds for vocal fold 
adduction during closing phase of the glottal cycle) for stabilizing glottal vibration independent from 
acoustically generated over- or under-pressure occurring in pharynx right above the glottis which results from 
the occurring standing waves in the vocal tube.   

 
 

 

 

 

 

 

 
Figure 1 – Geometrical models used for our 
numerical simulations for vocal tract (a “technical” 
schwa-vowel is articulated, dashed line), for a 
Bb-clarinet (all tone and register holes are closed, 
solid line) and for a Bb-trumpet (no valve is pressed, 
dash-dotted line); x-axis: length x of instrument in 
cm; y-axis: diameter d of bore or tube in cm. 

Figure 2 – Two mass approximation of the mechanical part of the 
sound source (red and light red structures: springs and masses) and 
tube section model of the filter (light blue boxes represent sections of 
cavities) for clarinet (a), trumpet (b) and voice (c). The smallest tube 
section represents the reed tip narrowing for clarinet, the lip 
narrowing for trumpet and the glottis narrowing for voice. 

 
For reeds as well as for brass, a one mass model would be sufficient as sound source (see Introduction). We 

approximate that one mass approach by increasing the coupling stiffness kc between m1 and m2 in our two mass 
model by a factor 1000, which leads to a relatively tight mechanic coupling between both masses. In case of 
clarinet m2 represents the upper part of the reed (tip of the reed) in the region of the buffle and tip of the 
mouthpiece while the main mass m1 represents the main vibrating part of the reed in the region of the mouth 
piece window (upper thin part of the reed; upper half length of the reed). This mass m1 is mainly driven by the 
pressure occurring in the chamber region of the mouthpiece below the buffle (roof region) while the small mass 
m2 is driven by the pressure occurring in the buffle and tip region of the mouthpiece.   

In case of the lips as sound source of a brass instrument the main mass m1 represents the main part of the lips 
and the small mass m2 represents the front part of the lips within the mouthpiece. But because of the stiff 
coupling between both mass pairs the oscillation of both mass pairs is nearly identical. The driving force for the 
spring mass system is the oral pressure for lip opening and thus the situation for energy transfer from the 
aerodynamic to the mechanical system is comparable to the situation already described above for the vocal folds. 
But it should kept in mind that the acoustically generated over- or under-pressure occurring in the mouthpiece 
tube right in front of the lips which results from the occurring standing waves in the bore or tube now is higher 
compared with that occurring in the pharynx during phonation and thus may influence lip vibration (see below, 
experiment 6).  

The spring mass parameters of the two mass model representing the vocal folds in case of singing, 
representing the lips in case of brass instruments (here: trumpet) and representing the reed plus lips in case of the 
reed instruments (here: clarinet) are listed in Table 1. The masses of both mass pairs are set a factor 10 lower for 
the reeds and set a factor 2 lower for the lips in brass mouthpieces in comparison to vocal folds. The stiffness 
value of the springs of both oscillators is set a factor 10 higher in case of the reed and a factor 2 in case of the 
lips in the brass mouthpiece in comparison to the vocal folds. This leads to a resonance frequency of 109 Hz in 
case of vocal folds to 218 Hz in case of the lips in the brass mouthpiece and to 1092 Hz in case of the reed if 
only the resonance of the main mass m1 is taken in consideration, i.e., using the formula for an undamped single 
spring mass system: 
 f = 1/(2*pi) * sqrt(k/m)                (1) 

In case of reeds and brass the damping parameters of both oscillators are reduced by a factor 100 in 
comparison to vocal folds. For the reeds the stiffness parameters are increased by a factor 100 for the impact 
case, i.e. for the case of a correct modelling of the hard collision of reed with the mouthpiece table in comparison 
to the soft collision of the left with the right side of the vocal folds in case of the voice source or the soft 
collision of the upper with the lower lips in case of the brass source. 
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Table 1 – Parameters of the spring mass system for all three cases (voice, reed instrument, brass instrument). 
  mass [g] stiffness 

[N/m] 
resonance 

frequency [Hz] 
oscillation 

frequency [Hz]  
(note) 

voice  
(vocal folds)  
register: bass 

oscillator 1 0.170 80 109 109 
(A2)  

 
oscillator 2 0.030 8 - 
coupling - 55 - 

trumpet  
(lips) 

oscillator 1 0.085 160 218  
oscillator 2 0.015 16 - 
coupling   55000 - 

clarinet  
(reed+lips) 

oscillator 1 0.017 800 1092  127 
(B2) oscillator 2 0.003 80 - 

coupling  - 55000 - 

 
In the case of the vocal folds for singing as well as in the case of the lips for brass instruments a q-factor 

called vocal fold or lip tension is introduced in order to allow the parameters of the coupled spring mass system 
(increasing stiffness and decreasing mass, see equation 2 and 3; the index tab represents the values, listed in table 
1) to change. This is needed in order to tune the vocal folds or lips with respect to a specific pitch. The 
introduction of the q-parameter in case of the vocal folds is described in detail in Ishizaka & Flanagan (1972) for 
vocal folds. 
 m = mtab * (1/q)             (2) 
 k = ktab * q                 (3) 

In this study the q-parameter is adapted for lips as well as a first approximation in order to be able to control 
pitch in case of brass instruments. The q-parameter was set to q = 1 for the reeds without any variation.   

Simulations are carried out for different pulmonary pressure values (see below), different mass and stiffness 
values for vocal folds, lips or reed as well as for different bore or tube length in case of vocal tract, reed and 
brass instruments as introduced here. Six simulation experiments are executed using the parameter settings 
introduced above.   

3. SIMULATION RESULTS 

3.1 Experiment 1: basic	settings	of	model	parameters	for	singing	(low	male	voice:	bass	
register),	brass	(trumpet)	and	reeds	(clarinet)	

In this first experiment a preliminary adjustment of the parameters of the self-oscillating source model and of 
the reflection type line analog for the singing voice, for a Bb-trumpet (brass) and for a Bb-clarinet (reeds) is 
realized. The parameter settings for the self-oscillating source model, i.e. of the two-mass model, as well as for 
the filter, i.e. for the tube section model or reflection type line analog, are already discussed in the Method 
section of this paper.  

In addition, the pulmonary pressure (PP) which is inserted in the trachea for singing or in the oral cavity of 
the player for reeds and brass, i.e. in the first tube section of the model, is set to PP = 1000 Pa for singing, to PP 
= 1500 Pa for brass and to PP = 2500 Pa for reeds. In case of voice and brass the q-parameter is set to q = 0.75 
(low pitch). The q-parameter is always set to q = 1 for the reed.  

Typical oscillation patterns of both mass pairs, of the time course of the forces acting on each mass as well as 
of the time course of the aerodynamic parameters glottal flow and sub- and supraglottal pressure are displayed in 
Figure 3. From these patterns typical differences in in aerodynamic-mechanical interaction can be unfolded 
which lead to the resulting differences in vocal fold oscillations. These differences are discussed in the results 
section.  

3.2 Experiment 2: constant	pitch	in singing despite	varying tube	length	(low	male	voice)	
In this experiment the tube length is varied from 14 cm (like it occurs during production of vowel /i/ or /a/) to 

24.5 cm (like it may occur in vowel /u/ for some speakers) in steps of 2*0.875 cm. The vocal folds were adjusted 
as defined in experiment 1 (male singer with PP = 1000 Pa and q = 0.75). It can be seen from Fig. 4 that the 
fundamental frequency F0, i.e., the pitch of the singing voice remains stable (F0 = 120 Hz), while the frequency 
F1, i.e., the frequency of the first resonance or first formant of the vocal tract tube decreases with increasing tube 
length. The interpretation is given in the discussion section. 

3.3 Experiment 3: variation	of	pitch	in	singing	(low	male	voice:	bass	register)	due	to	varying	
vocal	fold	tension	and	varying	pulmonary	pressure	 	 	

In this experiment vocal fold tension q is modified in combination with pulmonary pressure PP in order to 
demonstrate the range of pitch variation for a low male voice (bass register). In the first part of the experiment 
the phonation threshold pressure PPthreshold is estimated for a wide range of vocal fold tension (q = 0.5 to q = 2.5). 
PP is decreased continuously until vocal fold vibration ends. The pressure at that end point is labeled as PP (see 
blue dotted line in Fig. 5).   

In the second part of the experiment, pitch (fundamental frequency F0) as generated by the self-oscillating 
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glottis model is measured for each q value (vocal fold tension) in combination with a co-varying pulmonary 
pressure PP which is set 300 Pa above the phonation threshold value (see blue dashed line in Fig. 5) in order to 
guarantee a stable vocal fold oscillation, i.e., a stable phonation even if vocal fold tension changes. Our model is 
capable to produce a pitch range of about two octaves (F0 = 80 Hz [Eb2] to F0 = 320 Hz [Eb4] (normal bass 
register is from F2 (87 Hz) to D4 (293 Hz); normal tenor register is from C3 (131 Hz) to G4 (392 Hz)). 

 

	

	

	

	

	

	

	
 
Figure 3 – Oscillation patterns of self-oscillating source model ag (solid line, blue), ag1 (dash-dotted line, green) and ag2 
(dotted line, green), subglottal pressure psub (solid line, blue), pressure pg acting on the inner sides of both mass pairs pg1 
(dash-dotted line, green) and pg2 (dotted line, green), glottal flow ug (solid line, blue) and pressure at glottal outlet psupra (solid 
line, blue) for singing voice (a), for trumpet (b) and for clarinet (c).   

 
 
 
 
 
 
 
 
 
 
 

Figure 4 – Variation of pitch (fundamental frequency F0, 
solid line, blue) as function of vocal tube length L for a male 
singer. Beside pitch the frequency F1, i.e., the frequency of 
the first resonance of the vocal tube is displayed as well 
(dashed line, blue).	 	   
 

Figure 5 – Variation of pitch F0 as function of vocal fold 
tension q and pulmonary pressure PP for a low male singer 
(bass register). The co-varying pulmonary pressure PP is 
based on phonation threshold pressure PPthreshold.   
 

3.4 Experiment 4: pitch	variation	in	reeds	resulting	from	varying	bore	length	(clarinet)	
In this experiment the bore or tube length L of the clarinet is modified (shortened) in order to mimic the 

opening of tone holes in order to play different tones. It can be seen that the pitch is changing together with the 
frequency of the first resonance of the bore and thus is changing with bore length L. The frequency F1 of the 
first resonance is simply calculated for quarter-length standing waves in a tube. csound is propagation velocity of 
sound waves (about 350 m/sec):  
 F = csound / (4*L)            (4)  

This calculated resonance frequency (dashed line in Fig. 6) is higher than that of the pitch F0 resulting from 
the self-oscillating source model (frequency of source oscillator, solid line in Fig. 6) if tube length becomes short. 
That results from the fact that the influence of the bell becomes more prominent for shorter tubes. This effect is 
not included in equation 4 but occurs in our simulation model of the clarinet.  

3.5 Experiment 5: constant	pitch	for	a	reed	resulting	from	constant	bore	length	despite	
changing	mass	or	stiffness	of	the	reed	 	 	

In the first part of this experiment (experiment 5a) the bore or tube length is held constant (L = 59.5 cm) 
representing the condition that all tone and register holes are closed. But one main parameter of the source 
oscillator, i.e., the stiffness of the reed (stiffness of both oscillators) is varied. The stiffness of spring-mass pair 1 
is changing from k1 = 400 N/m to k1 = 800 N/m in steps of 50 N/m and in parallel the stiffness of the second 
spring mass pair is changed from k2 = 40 N/m to k2 = 80 N/m in steps pf 5 N/m. The masses of both oscillators 
are held constant (m1 = 0.017g, m2 = 0.003 g). Results of the simulation are displayed in Fig. 7. No change of 
pitch F0 occurs (frequency of the source oscillator, i.e., of the two-mass model) despite a change in the oscillator 
dynamics reflected by the frequency of the reed resonance Freed which varies from 750 Hz up to 1100 Hz (Freed is 
calculated using eq. 1).   
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In the second part of this experiment (experiment 5b) the bore or tube length is held constant (L = 59.5 cm) 
as well but now the other main parameter of the source oscillator, i.e., the mass of the reed, i.e., the masses of 
both oscillators are varied (m1 = 0.0085g in 3 steps to m1 = 0.017g and in further 4 steps to m1 = 0.034g; m2 is 
varied with same amount of steps from m2 = 0.0015g via m2 = 0.003 to m2 = 0.006g ). Results are displayed in 
Fig. 8. Like in the first part of the experiment, no change of pitch F0 occurs (frequency of the source oscillator, 
i.e., of the two-mass model) despite a strong variation of oscillator masses reflected by the frequency of the reed 
resonance Freed which now varies from 1550 Hz down to 700 Hz.  

3.6 Experiment 6:	glissando	experiment	for	trumpet:	varying	pitch	in	brass	resulting	from	
varying	lip	tension	in	case	of	constant	bore	length	 	

While the lip parameters are already adjusted for normal vibration of lips in case of the lowest note of a 
Bb-trumpet (table 1, fig. 3b) in this experiment a glissando is simulated by increasing the lip stiffness (q = 0.5 to 
q = 3.5) and at the same time increasing pulmonary pressure and thus oral pressure from PP = 1000 Pa to PP = 
3500 Pa). The length of the bore is not changed in order to mimic a trumpet glissando without pressing any valve. 
Fig. 9 illustrates that our virtual trumpet player can perform this glissando by covering a pitch interval from F0 = 
120 Hz to F0 = 470 Hz.  But the increase in frequency is not as linear as is in case of the singing (see for 
example Fig.5). It can be speculated that the occurring irregularities result from an interaction of higher 
resonances of the bore of the trumpet (res2, res3, res4) with the source oscillator, i.e., with the lips of the trumpet 
player. It can be assumed that the resonances of the bore try to “catch” and “hold” a tone. Thus the fundamental 
frequency is no longer controlled by the lips alone, i.e., by varying lip tension (changing mass and stiffness of 
the lip mechanical resonator), but in addition the resonances of the bore become important and try to “catch” and 
“hold” the fundamental frequency F0 generated by the source oscillator (self-oscillating two-mass model). That 
seems to be comparable to the mechanism how beginners search for their first notes on the trumpet, i.e., how 
they try to adjust lip tension in the right way for producing a note referring to the bore length and thus to the 
fingering of the player.   	

	
	
	
	
	
	
	
	 	

	
 

Figure 6 – Variation of pitch (F0) as 
function of bore or tube length L for a 
clarinet. Beside pitch F0, resulting 
from the self-oscillating source model 
(solid blue line), the calculated lowest 
resonance frequency of the bore F1 is 
displayed (dashed blue line).   

Figure 7 – Variation of pitch (F0) for 
clarinet as function reed stiffness if of 
bore or tube length is constant. Beside 
pitch the eigenfrequency of the source 
system Freed is displayed as well 
(dashed line).   
 

Figure 8 – Variation of pitch (F0) for 
clarinet as function reed mass if of bore 
or tube length is constant. Beside pitch 
the eigenfrequency of the source 
oscillator Freed is displayed as well 
(dashed line).   
 

  
 
 
 
 
 
 
 
 
 

Figure 9 – Display of simulation parameters for a trumpet glissando 

4. DISCUSSION 
The basic differences and similarities of the acoustics and aerodynamics of a clarinet as example for a reed 

instrument of a trumpet as example for a brass instrument and of a low male singing voice were illustrated in this 
paper by using a computer simulation model. A reflection type line analog representing the filter coupled with a 
self-oscillating damped spring-mass model representing the sound source is used for modelling all three cases
(voice, reeds, brass).  
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Experiment 1 clearly indicates aerodynamic-acoustical interactions like the ripple within air flow of the 
source ug in case of the clarinet (see (12) for voice). Strong aerodynamic-mechanical interaction is found for 
clarinet as well as for trumpet. While in case of voice the pitch is mainly controlled by the vocal folds itself (i.e., 
by vocal fold tension, see experiment 3) and while here vocal tract shape and vocal tract length has nearly no 
influence on pitch (see experiment 2) the situation is different for reeds and brass. Our simulations indicate that 
the pitch of the clarinet is mainly determined by the first resonance of the bore or tube and thus strongly 
depending on bore length (experiment 4) while the dynamic parameters mass or stiffness of the oscillating 
source can be varied in a relatively wide range without influencing  the pitch (experiment 5).  

The brass instruments are in an intermediate position between voice and reeds. Simulating a trumpet 
glissando by increasing lip tension and oral pressure indicates an increase in pitch comparable to increasing 
vocal fold tension and pulmonary pressure for a low male voice (experiment 2). But in the case of the trumpet 
this increase in pitch is not as linear as it occurs for the voice. In case of the trumpet the increase in pitch is 
comparable to a step function despite the fact that the lip tension and oral pressure increase continuously 
(experiment 6). A possible explanation is that pitch seems to “being hold” in frequency regions representing the 
2nd and higher resonances of the bore. This aerodynamic-mechanical interaction seems to be lower for brass in 
comparison to reeds – where pitch always is in line with the first resonance of the bore – but higher than 
aerodynamic-mechanical interaction for voice if the pitch of voice is below the first tube resonances, i.e. below 
the frequency of the first formant.  

These differences in degree of aerodynamic-mechanical interaction can be understood if we compare the 
transfer of energy from the aerodynamic system to the mechanic source system. The occurring forces on both 
masses of the coupled spring-mass pairs in the oscillator system representing the source are displayed in Fig. 3 
(experiment 1). It can be seen that the pressure-induced forces acting on the reed is different from those acting 
on the vocal folds in case of singing or on the players lips in case of brass instruments. In the case of the vocal 
folds subglottal pressure is acting on both masses during the closed phase which forces the vocal folds to open. 
Within the open phase of the glottis – beside the (not shown) restoring forces of the spring-mass system – an 
under-pressure acts on the masses within the closing phase of the vocal folds. Thus a phase-correct transfer of 
energy occurs during the closed and open phase of the glottis and the same holds for the closed and open phase 
of the lips in case of the brass instrument. The only difference is that in case of brass no phase lag occurs 
between both mass pairs which leads to a shorter closed phase and the occurring forces on the open phase are 
strongly related to the pressure in the mouthpiece resulting from the standing waves established in the bore. This 
pressure right above the oscillator – i.e., pressure in the pharyngeal cavity in case of singing, pressure in the 
mouthpiece in case of brass instruments – is much lower in the case of singing. During singing, the main effect is 
the small negative pressure occurring within the closing phase of the glottal open phase which results from 
Bernoulli under-pressure, while the stronger negative lip closing pressure in the case of the brass instrument 
stems from a phase-correct occurring standing wave established in the instrument bore. During the closed phase 
the subglottal pressure for singing as well as the oral pressure for the lips-mouthpiece system of the bass 
instrument is positive in order to allow the vocal folds (respectively the lips) to open again.  

In the case of the reed the force acting on the tip of the reed during closure of the reed-mouthpiece system is 
the oral cavity pressure which acts on the outer side of the reed in order to hold the closure. This pressure – in 
contrast to the subglottal pressure in case of singing which acts on the inner side of the vocal folds and in 
contrast to the oral pressure in case of the brass player’s lips which act on the inner side of the lips – is negative. 
Thus the related resulting force tries to hold the closure of the reed-mouthpiece system. Consequently in case of 
reeds the opening and closing mainly results from the pressure acting on the inner side of the reed and this 
pressure as function of time results from the standing waves occurring in the bore. Thus these standing waves 
within the bore dominate the changes of pressure within the chamber of the mouthpiece and let the reed move 
outside in the case of positive pressure or sucks in the reed in the case of negative pressure. Thus the 
fundamental frequency of reed oscillation is driven by the frequency of the standing wave (first resonance 
frequency of the bore or tube) and not by the dynamical parameters of the two-mass oscillator itself as it is the 
case for singing. The resonance frequency of the damped mass-spring oscillator representing the reeds alone is 
much higher (about 1000 Hz, see table1; 1400 Hz to 3000 Hz following (17, 4)).  

It should be kept in mind that in the case of singing specific vocal tract shapes lead to a better sustain and 
thus professional singers change vocal tract shape with pitch even for producing the same vowel quality. This is 
an indicator that aerodynamic-mechanical interaction is important for singing as well, but only, if pitch is near 
and possibly higher than the first vocal tract resonance frequency (which is tried to be avoided, see (18)).  

One more important difference between reeds and brass is that the bore or tube of reeds (here clarinet with 
about 60 cm) is short in comparison to brass instruments (here trumpet with about 140 cm). But because of the 
flare and huge bell of brass instruments the resonances of brass instruments do not form a strict harmonic row 
and the first resonance frequency F1 is far below pitch F0. Thus brass players adjust pitch with respect to the 
second and the higher resonance frequencies (F2, F3, …) while the pattern of resonance frequencies due to the 
instrument bore is much more regular in case of reeds and here the pitch is strictly oriented with respect to the 
first resonance frequency F0 as well as to higher resonance frequencies of the bore in case of playing higher 
registers. Thus pitch for brass is above first resonance or bore, pitch of reeds in its lowest register exactly equals 
that of the first resonance of the bore and pitch of voice preferably is below the first resonance of vocal tract.  
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5. CONCLUSIONS 
A first main result of this study is that different control mechanisms of pitch in source-filter systems like 

voice, brass or reeds can be modelled by a time domain simulation of tube acoustics coupled with a two-mass 
damped mass-spring oscillator as source model. The interaction between the tube system and the source 
oscillator is simulated by calculating the time varying pressure inside the tube sections acting on the mass pairs 
of the source oscillator. Using this simulation system, different degrees of source-filter interaction can be 
simulated as they occur for the speaking and singing voice, for brass instruments and for reed instruments. Voice 
pitch is mainly determined by vocal fold tension. On the other hand we were able to demonstrate that pitch for a 
reed instrument (here for a clarinet) is mainly controlled by the length of the bore, i.e., by the fingering of the 
player. Brass instruments take and immediate position. Here the lip tension of the player always needs to be 
adjusted correctly with respect to bore length in order to produce clear sounds.       

Some of these results are already known and published but this study clearly indicates how these basic 
findings can be easily simulated in a simple geometrical and time domain simulation system representing voice 
as well as music instruments like reeds and brass. Thus the software used here and the parameter optimizations 
discussed in this study can be taken as a basis for developing a valuable demonstration tool in music acoustics.    
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Abstract
Sample-based synthesis is one of the most common synthesis methods of the digital synthesizer. It can syn-
thesize musical instrument sounds well because it plays recorded sounds instead of generating sounds such as
additive and frequency modulation syntheses. The recorded sounds are usually stored in the time domain. If
the recorded sounds are stored in the time-frequency domain, sound processing can be simplified. Users can
process audio signals intuitively by operating the time-frequency bins of the spectrograms. However, the repre-
sentation of sounds in the time-frequency domain usually requires more memory than that in the time domain.
In synthesizers, if much data is needed, hardware costs are increased correspondingly. Therefore, a technique
to reduce the amount of data is required. In this paper, to reduce the amount of data, we introduce a sparse
modeling technique for musical instrument sounds in the time-frequency domain. We propose an optimization
algorithm of sparse modeling with four shrinkage operators. Numerical experiments show that the data quantity
of the signals reduced by over 95 percent by using the technique.
Keywords: Sample-based synthesis, Spectrogram, Sparse modeling, Alternating direction methods of mul-
tipliers (ADMM)

1 INTRODUCTION
There are many synthesis methods of digital synthesizers, such as additive synthesis, subtractive synthe-
sis, wavetable synthesis, frequency modulation synthesis, and sample-based synthesis [1, 2]. Especially,
sample-based synthesis is a powerful method when synthesizers imitate traditional musical instrument
sounds like piano, violin or trumpet. The synthesizers of this type have read-only memory (ROM) in
which the recorded sounds are stored, and synthesize sounds by playing them back. Generally, the
recorded sounds are stored in the time domain.
If the recorded sounds are stored in the time-frequency domain, sound processing can be simplified.
Users can process audio signals intuitively by operating the time-frequency bins of the spectrograms
because time-frequency bins have information for a certain frequency band in a certain time. However,
the representation of sounds in the time-frequency domain usually requires more memory than that in
the time domain. In synthesizers, if much data is needed, hardware costs are increased correspondingly.
Therefore, a technique to reduce the amount of data without sacrificing quality is required.
It is expected that the time-frequency bins necessary to represent the musical instrument sounds exist
sparsely since sounds have harmonic structure. If it is possible to express the musical instrument sound
sparsely, the reduction of the amount of data is realized.
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One of the effective tools for providing sparse representation is sparse modeling. This approach is
widely used in signal processing, image processing, and machine learning [3]. For effective modeling,
it is necessary to consider the characteristics of the signals and its transformation. Thus, we focus
on that the window function extends spectral peaks and introduce "social sparsity [4]" to the sparse
modeling for musical instrument sounds.
In this paper, we propose some algorithms of sparse modeling for musical instrument sounds in the
time-frequency domain. We also found that these algorithms are effective in the viewpoint of the
amount of data compared with the usual time domain representation.

2 PRELIMINARIES
2.1 Time-frequency Representation
The short-time Fourier transform (STFT) is one of the most popular methods of the time-frequency
representation [5]. The discrete STFT is given by

X[n,m] =
∑

t
wa[t−∆n]x[t]e−i2π(t−∆n)m/L , (1)

where x[t] is the time domain signal, wa is an analysis window, L is window length, ∆ is a window
shifting step parameter, and i is the imaginary unit. Inverse transformation of STFT (iSTFT) is also
given by

x̃[t] =
∑

m
ws[t−∆n]

(
1
L

L−1∑
m=0

X[n,m]ei2π(t−∆n)m/L
)
, (2)

where ws is a synthesis window [6]. In STFT, one sample point in the time domain is analyzed by
Q = L/∆ windows. As a result, the time-frequency representation has Q times as many time-frequency
bins as the sample points of the time domain representation. In other words, STFT usually provides
redundant expression. If the signal is expressed redundantly, it is possible to represent it in various
ways. Thus, we propose algorithms to find the representation where the number of zeros is maximal
(i.e., sparsest) in the time-frequency representation.

2.2 Sparse Modeling
Sparse modeling is an effective method to solve underdetermined problems, and it is possible to reduce
the amount of data significantly when signals admit sparse representation [3]. Studies based on the
sparsity is widely conducted in acoustic engineering, including sound source separation [7–10], speech
enhancement [11, 12] and restoration of the sound field [13–15].
Assuming that the musical instruments sound is x[t] and the observed musical instrument sound includ-
ing noise is x̂[t], the time-frequency representation of x[t] is given by

Find X s.t. ‖F ∗X − x̂‖∞ ≤ ε , (3)

where ‖y‖∞ = maxi |yi|, F ∗ is a operator which indicates iSTFT, and ε is a small constant which
indicates the tolerance of the error between x[t] and x̂[t]. This equation is an underdetermined system,
hence there are innumerable solutions to it.
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To get the sparsest solution, we should solve the optimization problem:

min
X

ιC(X) + λΛ(X) , (4)

ιC(X) =
{

0 (X ∈ C)
∞ (otherwise)

, C = {X ∈ CM×N | ‖F ∗X − b‖∞ ≤ ε} . (5)

The ideal function as Λ(X) giving a sparse solution is `0 norm defined as a function representing the
number of nonzero elements of X [16]. However, it is difficult to find the optimal solution of this
minimization problem because it is combinational optimization of high-dimensional data. Therefore,
the `0 norm is often relaxed with the convex function, `1 norm, to find the optimal solution [17–20].

2.3 Alternating Direction Methods of Multipliers (ADMM)
There are many algorithms for optimization problems. One of them is the alternating direction meth-
ods of multipliers (ADMM) [21]. Many optimization problems including the sparse modeling, can be
interpreted as the following minimization problem:

min f(x) + g(z) s.t. Kx+ Lz = c , (6)

where f and g are real-valued cost functions, x ∈ RN , z ∈ RN , K ∈ RS×N , L ∈ RS×N , and c ∈ RS .
ADMM can solve the above minimization problem, and it is written as the following procedure:

x[n+1] = argmin
x

[
f(x) + ρ

2‖Kx+ Lz[n] − c+ u[n]‖22
]

(7)

g[n+1] = argmin
z

[
g(z) + ρ

2‖Kx
[n+1] + Lz − c+ u[n]‖22

]
(8)

u[n+1] = u[n] +Kx[n+1] + Lz[n+1] − c , (9)

where ρ is a positive constant. The strengths of the ADMM is that it can be applied even if the
cost function is not differentiable. By this fact, we can solve the optimization problem which has
non-differentiable functions such as `1 norm and `∞ norm. The effectiveness of ADMM has been
substantiate by many studies [22, 23].

3 PROPOSED METHODS
3.1 Proposed Algorithm
Applying ADMM to Eq. (4), it is formulated as

f(x) = ιC(x), g(z) = λΛ(z), K = I, L = −I, c = 0 , (10)

where I is the identity matrix. Using Eq. (7) to Eq. (9), an algorithm for the sparse modeling is
derived, and it is summarized in Algorithm 1. Here, sign(y) is the signum function,

sign(y) =
{
y/|y| (y 6= 0)
0 (y = 0)

, (11)
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Algorithm 1 Proposed Algorithm

Initialization: u[0] ∈ CM×N ,
repeat
x′ ← F ∗(z[k] − u[k]) ;
e← x′ − b ;
e← sign(e) min{|e|, ε};
x[k+1] ← (z[k] − u[k]) + F (b+ e− x′) ;
z[k+1] ← P·(x[k] + u[k]) ;
u[k+1] ← u[k] + x[k+1] − z[k+1] ;
k ← k + 1 ;

until convergence;

F is a operator which indicates STFT, and P·(v) indicates the proximity operator of λΛ(X). The
proximity operator [24] is defined by

P·(v) = proxλΛ(v) = argmin
z

[
λΛ(z) + 1

2‖z − v‖
2
2

]
. (12)

3.2 Thresholding and Shrinkage
3.2.1 Soft-Thresholding
Let Λ(X) be a `1 norm, P`1 is given by

[P`1(z)][n] = max {1− λ/|z[n]| , 0} z[n] , (13)

and it is known as a soft-thresholding operator. `1 norm is used in various optimization problem since
it is a convex function [17–20].

3.2.2 Log-Thresholding
When Λ(X) is `1 norm, if there are large time-frequency bins in X , it is expected that these are
reduced by the optimization problem Eq. (4). For this reason, it has been proposed relaxing the effect
of `1 norm using a logarithmic function [25, 26].
Let Λ(X) be

Λ(X) = log(δ + |X|) , (14)

where δ is a small positive constant, Plog is given by

[Plog(z)][n] =


1
2

(
(z[n]− δ) +

√
(z[n] + δ)2 − 2λ

)
(z[n] >

√
2λ− δ)

1
2

(
(z[n] + δ)−

√
(z[n] + δ)2 − 2λ

)
(z[n] <

√
2λ− δ)

0 (otherwise)
. (15)
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Figure 1. Schematic diagram of social shrinkage

3.2.3 Social Shrinkage
In the time-frequency representation of instrumental sound, it is considered that energy is concentrated
in the grouped part of the spectrograms because the window function extends spectral peaks. Hence,
we propose to combine social sparsity [4, 27, 28]. This is sparse modeling in which the information
of surrounding time-frequency bins is added as a weight to take a decision: keeping or discarding the
bin. The effects of this modeling are expected that the time-frequency bins of the spectrogram become
grouped and noise which is not related to the signal is reduced. A schematic diagram of social sparsity
is shown in Fig. 1. Introducing the social sparsity, Psocial is given by

[Psocial](z)[n] = max{1− λ/V w[n], 0} z[n] , (16)

V w[n] =
√
w ∗ |z[n]|2 , (17)

where w is a non-negative kernel, and ∗ indicates the convolution operation. Compared to the Eq. (13),
Eq. (16) can be regarded as a kind of soft-thresholding.

3.2.4 Social-Log Shrinkage
Finally, we propose combining social sparsity and log-thresholding. In Eq. (15), Psocial-log can be de-
termined by replacing z[n] with V w[n], and Psocial-log is given by

[Psocial-log(z)][n] =


1
2

(
(V w[n]− δ) +

√
(V w[n] + δ)2 − 2λ

)
(V w[n] >

√
2λ− δ)

1
2

(
(V w[n] + δ)−

√
(V w[n] + δ)2 − 2λ

)
(V w[n] <

√
2λ− δ)

0 (otherwise)
. (18)

By combining social sparsity and log-thresholding, it is expected that non-zero elements of spectro-
grams can be grouped while suppressing the effects of bias.
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Figure 2. Amplitude spectrograms and numbers of non-zero elements

4 EXPERIMENTS
Using the proposed method, we modeled the recorded piano sound to be a sparse representation in the
time-frequency domain. In the simulation, the target sound was piano sound A4 (442 Hz), the window
function was Hanning window, L was 212 sample, ∆ was 211 sample, λ was 0.1, ε was 3.92 × 10−7,
w was a Gaussian kernel with a size of 7 rows and 3 columns, and iteration number was 3000. For
comparison, we performed sparse modeling in four cases: (a) soft-thresholding, (b) log-thresholding,
(c) social shrinkage, and (d) social-log shrinkage. An expanded view of the amplitude spectrograms
and the number of non-zero elements of the spectrograms are shown in Fig. 2.
From the results, it was confirmed that a large amount of data was reduced by sparse modeling. In (a)
and (b), non-zero elements were scattered, while in (c) and (d), non-zero elements were collectively
present due to the effect of social sparsity. In addition, we found that log-thresholding is able to reduce
more non-zero elements.

5 CONCLUSION
In this paper, we propose a method to represent instrument sounds sparsely in the time-frequency do-
main. The simulation shows that it is possible to reduce most of the data by sparse modeling, and the
combination of log-thresholding and social sparsity is effective. In future works, we plan to consider
the implementation of high-speed iSTFT using sparsity so that the synthesizer can sound in real time
even if sounds are contained as time-frequency representation.
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 Effects of classical, film and video game music on creativity 
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ABSTRACT 
Classical music is commonly thought to enhance work performance. Previous studies have reported that, 
compared to the silence, listening to classical music with a positive mood and high arousal 
enhances creativity, but the effects for other music genres are unknown. Therefore, in addition to classical 
music, we measured the effects of film and video game music on creativity using the Alternative Uses Test 
(AUT). We also measured mood changes throughout the experiment and the Affective Value Scale of Music 
(AVSM) which is used to measure what type of affective values music has. The mood changes and AVSM 
results were used to analyze the effects of music on creativity. Twenty-four participants were subjected to 
two conditions for 15 minutes each, the silence and one of the three types of music. The results showed that 
there was no significant difference between with music and the silence, as well as among the three music 
types. Therefore, it is difficult to say that creativity can be enhanced by listening to music. However, the 
number of samples for each condition is insufficient to draw such a conclusion, and further studies are 
needed. 
 
Keywords: Working Performance, Creativity, Background Music  

1. INTRODUCTION 
Creativity is needed to cultivate the ability for survival in the future global society [1–3]. Various 

ways to enhance creativity have been proposed, including brainstorming, listening to music, and the 
checklist (It was developed as a means of transforming an existing idea into a new one and is consisted 
of the following 9 questions: “Put to other uses?”, “Adapt?”, “Modify?”, “Magnify?”, “Minimize?”, 
“Substitute?”, “Rearrange?”, “Reverse?”, and “Combine?”.) developed by Osborn [4]. It has been 
suggested that music perceived as fun, cheerful, and exciting to the listener can enhance creativity, 
because listening to music is effective for mood induction [5–7], and a positive correlation has been 
reported between divergent thinking and increases in dopamine levels [8]. Nevertheless, the attributes 
of music, such as the tempo, tonality, instrumentation, melody, and loudness, are very complex, and 
the cognition of creativity differs across countries [9]. 

We approach this complexity from both the musical and educational aspects as a means of 
enhancing creativity. Ritter and Ferguson reported that, compared with a silence condition, listening to 
classical music that elicits positive mood and is high on arousal enhances the creativity score based on 
the overall divergent thinking score (originality, flexibility, fluency, and usefulness) [10]. Ueda 
reported that the higher the increase in the production rate of dopamine, the more divergent thinking 
was enhanced [8]. Therefore, creativity may be enhanced by listening to classical music, which causes 
the individual to cheer up and feel happier. However, the effects of other genres of music on creativity 
remain unknown. 

According to a survey of creativity education around the world [11], from the viewpoint of 
education, it has been pointed out that there is no systematically or academically proven system for 
creative education. Japanese creativity education has been studied since the late 1950s, but the 
curriculum is not as substantial as that in the United States, the United Kingdom, China, or Finland 
[11]. In recent years, Science, Technology, Engineering, Art, and Mathematics (STEAM) education for 
children has spread around the world. STEAM education is one of the education policies enacted to 
enhance competitiveness in science and technology areas. The Ministry of Education, Culture, Sports, 
Science and Technology (MEXT) in Japan has noted that creativity is one of the important abilities in 
STEAM education. MEXT has acted to make STEAM part of the mandatory education curriculum for 
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all elementary and middle schools in Japan from 2020. However, the per student budget for the 
information and communication technology (ICT) environments necessary for STEAM education is 
very small at elementary, middle, and high schools in Japan [12]. It might therefore be possible to 
minimize the differences in learning environments compared with other foreign countries by 
increasing the budget for improving the ICT environment; however, teachers at public elementary and 
middle schools in Japan face additional problems. 

The Organization for Economic Co-operation and Development conducted a survey on teachers’ 
working hours at middle schools in 34 countries [13]. The world average was 34 hours a week, but 
Japan had the highest average, at 54 hours. The working environment for teachers in public elementary 
and middle schools in Japan is consequently becoming a social problem, especially in terms of death 
by overwork. Actually, the working time for teachers at public elementary and middle schools has 
increased monotonically since the latter half of the 1990s [14]. According to a survey conducted on 
637 principals and 3289 teachers at public elementary schools from 1998 to 2016, the time spent at 
school in 2016 has been extended by 71 minutes compared with 1998. According to a survey 
conducted on 725 principals and 3689 teachers at public middle schools from 1997 to 2016, the time 
spent at school in 2016 has been extended by 68 minutes compared with 1997. Approximately 90% of 
public elementary and 83% of public middle school teachers feel that they do not have sufficient time 
for class preparation [14]. This has led to a decrease in the quality of teaching skills and student 
motivation during class [13]. White reported that the use of music during class is effective on 
elementary school students’ motivation, positive behavior, relaxation, and staying on-task [15], which 
suggests that music could improve the quality of the classroom environment for many busy teachers. 

Although classical music has been reported to enhance creativity [10], few studies have focused on 
the effects of other music genres on creativity. Many teachers at public elementary and middle schools 
are very busy in Japan compared with foreign countries. In our previous study, we investigated what 
kind of music participants aged 18–24 years old listened to while they were performing tasks such as 
writing a report or doing homework. We found that students most frequently listened to Japanese 
popular music and animation theme songs, followed by video game and film music [16]. Therefore, in 
the present study, in addition to classical music, we aimed to measure the effects of video game and 
film music on creativity. White reported that listening to music during class improved learning 
performance in fourth-grade students [15]. Based on the findings from that study, the goal of the 
present study was to verify whether the use of music during class at public elementary and middle 
schools is effective on learning motivation. 

2. METHODS 

2.1 Participants 
Twenty-four university students (age range, 18–26 years) who were native speakers of Japanese 

and had self-reported normal hearing gave written informed consent to participate in the present study. 

2.2 Experimental Conditions and Stimuli 
The experimental conditions involved four types of music: classical, film music, video game 

soundtracks, and silence. The music conditions were instrumental, orchestral, and major key music. 
The details of the music conditions are shown in TABLE 1. Although video game and film music are 
not defined as a genre, we treated them as a different type of music because the structure of the 
ascending and descending melodic lines is different. 

TABLE 1. Details of the music conditions 

Type Name Composer 

Classical Tannhäuser, WWV 70: Festive March Leonard Bernstein 

Film Coming Back Around, “How to train your dragon” John Powell 

Video game Wind Garden, “Super Mario Galaxy” Mahiko Yokota 

Silence   
 
We edited classical music, film music, and video game soundtracks to play repeatedly for 15 min 
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using Audacity software. We normalized the peak magnitude to the value of 0.0 dB Full-Scale (dB FS). 
The audio file format was a .wav file, and the sampling frequency and bit rate were 44.1 kHz and 16 
bits, respectively. 

2.3 Creativity Measures 
The Alternative Uses Test (AUT) [18] was used to measure the participants’ creativity. We 

conducted the AUT twice to compare the test scores between the music and silence conditions 
(hereinafter referred to as AUT 1 and AUT 2, respectively). The AUT, in which participants are asked 
to think of as many uses as possible for a simple object,  is one of the most frequency used tests for 
assessing creativity. A wood pencil and paper cup were used as test questions because no significant 
differences have been found in the test scores, and both have been shown to have a similar level of 
difficulty [17]. After listing as many uses as possible other than the original use of a wood pencil and 
paper cup, the participants had to consider the following three points: crafting should be limited to 
bonding and cutting, the number of uses of multiple pencils or paper cups is unlimited, and it should be 
up to 1 product when they bond with other products . 

All ideas were calculated based on three characteristic indices of divergent thinking: fluency, 
flexibility, and originality [19]. Fluency is a measure of creativity production. Only complete ideas 
were included in the fluency test score; all vague ideas that did not have a purpose were excluded, in 
accordance with the guidelines (Guilford’s Alternate Uses) [19]. Flexibility is the number of distinct 
idea categories. For example, when asked to list alternative uses for the paper cup, the answer “build a 
high tower, make a string telephone, use it as a dish” would lead to a score of three, as the ideas are 
assigned to three different idea categories: ‘playing’, ‘crafting’, and ‘utensil’. This categorizing 
should be performed by two or more people to eliminate any categorization bias. However, the 
flexibility score in the present paper was scored by only one scorer because the experiment had not 
been completed. Originality is a measure of the uncommonness of an idea. First, all ideas are classified 
into test (a wood pencil/a paper cup) and experimental conditions (silence and music). If the ratio of 
the number of ideas answered in each group is 5% or less, 1 point is added, and if 1% or less, 2 points 
are added. Then, the total points represent the originality score. 

2.4 Questionnaires 
Questionnaires were divided into three parts. In part 1, we investigated arousal before AUT 1. In 

part 2, we investigated arousal and mood after AUT 1. In part 3, we investigated arousal and mood 
after AUT 2. After the participants completed these two questionnaires in part 3, they answered items 
regarding their study environment in daily life, gender, and age, and then provided free comments 
about the experiment. Further, we asked the participants to indicate which condition (music or 
silence) made them feel tired and which condition made them feel as though the experiment had gone 
quickly. We also asked the participants to evaluate the music condition (“Choose the most appropriate 
scale. Did you feel that the ascending and descending melodic lines of music influenced your 
concentration during AUT?”) using a five-point Likert scale ranging from 1 (not at all) to 5 (very 
much) after the AUT under the music condition. 

Next, we carried out the General Arousal Checklist (GACL) [20], General Affect Scale (GAS) [21], 
and Affective Value Scale of Music (AVSM) [22]. The GACL was used to measure arousal in parts 1–
3. The GAS was used to measure mood after the AUT in parts 2 and 3. The AVSM was used to measure 
what type of affective values the music had. All three questionnaires are scored on a five-point Likert 
scale ranging from 1 (not at all) to 5 (very much). The GACL is composed of the following eight 
subscales for the item “Rank each subscale in regard to your current mood” : Energetic, Vigorous, 
Sleepy, Nervous, Distracted, Relaxed, Sluggish, and Calm. The GAS is composed of the following six 
subscales for the item “Rank each subscale in regard to your mood during the experiment” : Fun, 
Energetic, Depressed, Distracted, Calm, and Relaxed. The AVSM is composed of the following eight 
subscales for the item “Rank each subscale in regard to the affective value of the music you listened 
to”: Cheery, Fun, Happy, Sad, Calm, Gentle, Quiet, and Magnificent. 

To assess the participants’ study environment in daily life, we asked them about the frequency that 
they usually listen to music during activities such as writing a report or doing homework using a 
five-point Likert scale ranging from 1 (never) to 5 (always). If the answer was 4 or 5, they had to 
answer what type of music they listen to. Next, they were asked to indicate the frequency that they 
engaged in a creative activity in daily life using a five-point Likert scale ranging from 1 (never) to 5 
(always). If the answer was 4 or 5, they had to answer what their creative activity is and whether they 
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engage in it regularly. In the part of evaluation regarding music, we asked whether ascending and 
descending melodic lines influenced their concentration using a five-point Likert scale ranging from 1 
(not at all) to 5 (very much). 

 

2.5 Experimental Procedure 

 
Figure 1. Experimental procedure 

The participants were tested one by one in the order shown in Figure 1. In AUT 1 and AUT 2, the 
participants were randomly assigned to one of the music conditions or the silence condition. They were 
then tested for 15 minutes each during AUT 1 and AUT 2. We asked them to answer questionnaires 1–
3 before and after AUT 1 and AUT 2. A break was provided between AUT 1 and AUT 2. All music 
stimuli were played on two loudspeakers (GENELEC 6010A) through an audio interface (TASCAM 
US 144mkII) on a Windows PC in a soundproof room, and the maximum sound pressure level was 50 
dB, as measured by a sound level meter (RION, NL-31). Under the silence condition, a notification 
sound was played to indicate the start and end of the test. Under the music condition, a notification 
sound was played at the end of the test only. 

3. RESULTS 
We used the Statistical Package for the Social Sciences (SPSS) for all data analyses. A paired t-test 

was conducted to compare the total scores of the wood pencil and paper cup tests. No significant 
difference was found between the two tests, which suggests that the two tests had the same level of 
difficulty, in line with our previous result [16]. 

 

 
Figure 2. Average test scores under the music condition relative to that under the silence condition. 

Error bars represent standard errors. 
 

Figure 2 shows the average test scores under the music condition relative to that under the silence 
condition. To assess whether listening to music enhanced creativity, we conducted Wilcoxon rank sum 
tests to compare the music and silence conditions for each test score. No significant difference was 
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found between the test scores under the music and silence conditions. This result did not agree with 
that from a previous study [10], which reported that listening to classical music enhanced creativity 
compared with silence. However, a trend was seen in which all creativity test scores were higher under 
the film music than under the silence condition. 

The average score regarding the mood after the AUT in the film music group is shown in Figure 3. 
The horizontal axis is the GAS subscales. Wilcoxon signed-rank tests were conducted to compare the 
music condition and the silence condition after the AUT for GAS. No significant difference was found 
between silence and classical music or video game soundtracks. A significant difference was observed 
between silence and film music on only the Relaxed subscale. In addition, the two subscales of Fun 
and Energetic tended to be higher under the film music than under the silence condition. Ritter and 
Ferguson reported that participants under the music condition assigned music a significantly higher 
valence score than did participants under the calm, anxious, and sad music conditions [10]. In other 
words, music that reduced the participants’ anxiety and boosted their mood positively had the effect 
of improving creativity. The mood induction of the film music was similar to that of music that 
reduces anxiety and boosts the participants’ mood positively. We concluded that there might be a 
relationship between the trend of test score in the film music and the mood induction of the film 
music. 

 

Figure 3. Average scores on a five-point Likert scale for the GAS in film music. Error bars represent 
standard errors.  
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Figure 4. Average scores on a five-point Likert scale for the GACL. Error bars represent standard 
errors. 

 
We used the GACL to measure the effects of music on arousal, and the AVSM to measure the 

characteristics of the music. Figure 4 shows the average scores on a f ive-point Likert scale for the 
GACL. We conducted Friedman tests to compare before AUT 1 with the music condition, before AUT 
1 with the silence condition, and the music condition with the silence condition for each subscale. No 
significant differences were found for any of these comparisons.  
 

 
Figure 5. Average scores on a five-point Likert scale for the AVSM. Error bars represent standard 

errors. 
 

Figure 5 shows the average scores on a five-point Likert scale for the AVSM. We found that all 
subscales under all music conditions were similar. The results of the AVSM can be used to determine 
what kinds of music features are suitable for enhancing creativity and to investigate relationships with 
mood induction. According to the previous study [10], it has been considered that the score of the 
subscales of Cheery, Fun, and Happy should be high as a characteristic of music for improving 
creativity. However, the results of this study showed that three subscales of Cheery, Fun, and Happy in 
the film music were lower than the other two genres, and three subscales of Sad, Gentle, Quiet in the 
film music were higher than the other two genres. These results may contribute to a research on music 
enhancing creativity. 

The results suggest that it was difficult to support the hypothesis that listening to music can 
enhance creativity compared with the silence condition. According to the results of the GAS and 
GACL, no significant difference was found between the music condition and the silence condition, 
except for a significant difference for the Relaxed subscale under the film music condition, as shown 
in Figure 3. Further, we could not identify the effect of music on positive mood induction. These 
results were not in agreement with those from a previous study [10]. This was likely because music 
with lyrics was the most common answer for the question regarding what type music the participants 
listened to in part 3 of the questionnaire. This result was similar to that in our previous study [16]. 
The participants often listened to their favorite song to enhance her or his mood positively. Therefore, 
the music used in the present experiment did not sufficiently enhance the participants’ mood 
positively. 

4. CONCLUSIONS 
In the present study, we measured the effects of classical music and movie and video game 

soundtracks on creativity using the AUT. We used the GAS, GACL, and AVSM as questionnaire 
surveys. Regarding the mood and arousal investigations of the GAS and GACL, no significant 
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difference was found between the music and silence conditions. However, a significant difference was 
observed for the Relaxed subscale under the film music condition. Mood induction by listening to film 
music tended to be positive. Moreover, we investigated the average test scores under the music 
condition relative to that under the silence condition. As a result, the average percentage was higher 
than 100% in the film music. According to the previous study [10], it is considered that the condition 
of the subscales of Cheery, Fun, and Happy is higher than that of other songs as a characteristic of 
music that promotes creativity. However, the film music had the features of being sadder, gentler, 
quieter, and more magnificent than the other two genres as shown in Figure 5. The previous study 
has not been demonstrated concretely the characteristic of music [10]. Hence, the characteristic of 
the film music may be associated with enhancing creativity.  

Based on these findings, the hypothesis that listening to music can enhance creativity compared 
with silence was not supported. However, further studies are needed because the size of the sample 
was insufficient for statistical analysis. 

REFERENCES 
1. Ministry of Education, Culture, Sports  Science and Technology. Experts meeting for the 

development of logical thinking, creativity and problem-solving ability at elementary school stage 
and programming education. (in Japanese) 
http://www.mext.go.jp/b_menu/shingi/chousa/shotou/122/houkoku/1372522.htm. (cited 
2017-06-08) 

2. Kampylis PG, Valtanen J. Redefining Creativity - Analyzing Definitions, Collocations, and 
Consequences. Journal of Creative Behavior. 2010;44(3):191-214.  

3. Adaman JE, Blaney PH. The Effects of Musical Mood Induction on Creativity. J Creative 
Behavior. 1995;29(2):96-108. 

4. Osborn AF. Applied imagination; principles and procedures of creative thinking. Charles 
Scribner’s Sons. 1953:1-317. 

5. Albersnagel FA. Velten and musical, mood induction procedures: A comparison with accessibility of 
thought associations. Behavioral Research and Therapy. 1988;26:79-96. 

6. Pignatiello M. Camp CJ. Elder ST. Rasar LA. A psychophysiological comparison of the Velten and 
musical mood induction techniques. Journal of Music Therapy. 1986;26:140-54. 

7. Taniguchi T. Issues and prospects on cognitive psychological approach to emotion. The bulletin 
of the cultural and natural sciences in Osaka Gakuin University. 2005;50:43-64. 

8. Ueda Y. Clarification of the mechanism for governing creativity. Hayao Nakayama Foundation for 
Science & Technology and Culture. Annual Report. 2015:1-2. 

9. Imoto S. An influence of speakers' directivities on intellectual productivity while listening to 
music. Master’s Thesis. Graduate School of System Design and Management. Keio University. 
2013:1-108. 

10. Ritter SM. Ferguson F. Happy creativity: Listening to happy music facilitates divergent thinking. PLoS 
ONE. 2017;12(9). e0182210. https://doi.org/10.1371/journal.pone.0182210. (cited 2018-09-01)  

11. Yumino K. Hiraishi N. Creativity Education in the World. The Annual Report of Educational 
Psychology in Japan. 2007;46:138-48. 

12. Ministry of Economy, Trade and Industry. Project related to commodity exchange optimization and 
product safety in 2017 (The basic survey for EdTech and the creation of private education service 
industry) Final Report (Main) (in Japanese). 
https://www.meti.go.jp/meti_lib/report/H29FY/000204.pdf. (cited 2019-04-15) 

13. OECD. A Teachers Guide to TALIS 2013: Teaching and Learning International Survey. TALIS. OECD 
Publishing; 2014. http://dx.doi.org/10.1787/9789264216075-en. (cited 2019-04-15) 

14. Benesse Educational Research and Development Institute The sixth basic research on teaching 
and learning DATA BOOK (Elementary School and Middle School edition) (in Japanese). 

15. White KN. The effects of background music in the classroom on the productivity, motivation, and  
behavior of fourth grade students. Master’s Thesis. Master of Education in Divergent Learning. 
Columbia College. 2007:1-57. 

16. Murata T. Hodoshima N. The effect of the familiarity of background music on creativity. Spring 
meeting of Acoust. Soc. Jp. 2018:743-4.  

17. Guilford JP. Creativity: Yesterday, Today and Tomorrow. The Journal of Creative Behavior. 
1967;1(1):3-14. 

18. Sharma PL. Sarup Teaching Leaning Series – 4 Discovery Teaching and Learning. 1st ed. New 

6481



 

 

Delhi, India: SARUP & SONS; 2005. p.261-262. 
19. Hatayama T. Antonides G. Matsuoka K. Maruyama K. An examination by an arousal checklist 

(GACL) on psychological effect of facial massage. Japanese Journal of Applied Psychology. 
1994;19:11-9. 

20. Oganwa T. Monchi R. Kikuya M. Suzuki N. Development of the general Affect Scales. The 
Japanese Journal of Psychology. 2000;71(3):241-6. 

21. Taniguchi T. Construction of an affective value scale of music and examination of relations 
between the scale and a multiple mood scale. The Japanese Journal of Psychology. 
1995;65(6):463-70. 

6482



Numerical Approach for Aerodynamics around a tone hole of woodwind
instruments: an example solving moving boundary problems with

topologically change

Taizo Kobayashi(1), Daiki Wakasa(2), Sho Iwagami(2), Toshiya Takami(3), Kin’ya Takahashi(2)

(1)Kyushu University, Japan, tkoba@cc.kyushu-u.ac.jp
(2)Kyushu Institute of Technology, Japan, takahasi@mse.kyutech.ac.jp

(3)Oita University, Japan, takami-toshiya@oita-u.ac.jp

Abstract
In this paper, we discuss the numerical reproducibility of the compressible fluid behavior around a tone hole
of woodwind instruments by using compressible Large Eddy Simulation (LES). In particular, we focus on the
situation that the tone hole is opened and closed with moving a pad above the tone hole, which is regarded as
a moving boundary problem with topology change. Our numerical model is based on a 2D analog of Keefe’s
experimental model, which has a tone hole placed at the center of the resonance tube. To reproduce the opening
and closing the tone hole, the pad is moved continuously. Actually, the position of the pad was continuously
changed in the order of "open - close - open". Our numerical results agree rather well with Keefe’s experimental
results. We solved the moving boundary problem with topology change under the situation of acoustics of fluid-
structure interaction, and reproduced transitions between resonance and non-resonance states. In addition, the
details of complex vortices near the tone holes clarified by this numerical calculation will be reported.
Keywords: Flue instruments, Tone hole, Moving boundary conditions, Numerical simulation

1 INTRODUCTION
The transient phenomena around tone holes of woodwind musical instrument have been studied as a long stand-
ing problems in the field of musical acoustics[1, 2, 3, 4, 5, 6, 7, 8]. The main difficulty in studying the function
of tone holes comes from the highly complicated interaction around compressible fluid dynamics (non-linear dy-
namics), aerodynamic sound as a linear wave motion and a moving boundary problem with topology change.
In order to achieve a rigorous study on it, we had developed an compressible LES solver resolving the moving
boundary problem[9]. Then we had studied the function of a tone hole by using a 2D model of a small
recorder-like-instrument with a tone hole[10]. In that study, the pad above a tone hole is set to a fixed position,
that is, the distance between the pad and the tone hole is taken at fixed values, 0, 0.5, 1, 2, 3, 5, 10, 20mm, and
the change of pitch depending on the position of the pad is observed. The results is consistent with Keefe’s
experimental results. In the next study, we had developed numerical models in order to manipulate moving
mesh without topology change[11].
In this paper, we give a short review of recent results about this series of study. We reproduce numerically
the compressible fluid behavior around a tone hole of woodwind instruments by using compressible LES. We
focus on the situation that the tone hole is opened and closed with moving a pad above the tone hole, which
is regarded as a moving boundary problem with topology change. In order to achieve seamless numerical
calculation of moving boundary problem with topology change, we develop compressible LES solver and a
method to move and remap the mesh structure. Numerical results are consistent with Keefe’s experimental
results, and error rates of pressure between mesh remapping with/without topology change are in the same
order ∼ 10−9.
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2 MODEL AND NUMERICAL METHOD
We continuously use the same model which is a 1/4 scaled 2D analog of Keefe’s experimental model (see
Figure.1 left), which has a tone hole placed at the center of the resonance tube[11]. To reproduce the opening
and closing the tone hole, the pad is moved continuously.

d=10 tha=6.6

h=1.6 dgap=0~1

L=137.5

U

Figure 1. (left) Dimensions of the model. (right) typical mesh structure. “dgap” is the distance between the pad
and the top of the tone hole. The unit is mm.

We employ a compressible Large Eddy Simulation (LES) with the one-equation sub-grid-scale (SGS) model[12].
In practice, we have developed a extended compressible LES solver “rhoPimpleMyDyMFoam” which incluldes
a function of “DynamicMesh” for the numerical calculation of moving mesh. This solver “rhoPimpleMyDyM-
Foam” is based on “rhoPimpleFoam” in the open source software, OpenFOAM ver.4.1. The pressure and tem-
perature at the rest are taken as p0 = 105Pa and T0 = 300K, respectively. The smallest mesh size around the
tone hole is ∆x = 0.17mm and the time step of the numerical integration is ∆t = 1.0× 10−7s. The number of
mesh cells is 24125. To excite an acoustic wave in the resonance tube at a given frequency, the velocity “U” at
the left end of the tube is changed periodically. The amplitude of U is taken as |U | = 0.024m/s in the steady
state. The frequencies of U are taken at 1269Hz and 2538Hz as the resonance frequencies of fundamental mode
and 2nd higher mode, respectively.

dgap=1mm dgap=0.8mm dgap=0.6

dgap=0.4mm dgap=0.2mm closed

Figure 2. Mesh structures around the pad and tone hole. The distance between the pad and the top of the tone
hole is 1 to 0mm.

To numerically solves the moving boundary problem with topology change, we use a combination of “Dy-
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namicMesh” and “mapFields”, which controls the pad movement and the mesh manipulation. In practice, we
configure moving velocity of mesh in the configuration file “pointMotionU” and “cellMotionU”. In order to
relieve the distortion of mesh structure, we use “mapFields” every interval of 0.2mm for the pad movement.
We configure this mesh structure remapping in the configuration file “mapFieldsDict”.
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Figure 3. Time evolution of the pad movement. (a) the velocity, (b) “dgap”: the distance between the pad and
the top of tone hole

The actual pad movement is shown in Figure 3. The quantity “dgap” as a function of time must be continuously
differentiable in order to avoid shock waves. And furthermore, at the point (dgap= 0mm) where the topological
change of the mesh-boundary arises, the velocity of the pad as a function of time must be also continuously
differentiable. The maximum velocity of the pad is set to 0.1m/s.

Table 1. Mesh dimensions and corresponding time of them

Region Time[s] Time of mapping mesh[s] Default “dgap”
(1) 0∼0.053 0.053 1mm
(2) 0.053∼0.055 0.055 0.8mm
(3) 0.055∼0.057 0.057 0.6mm
(4) 0.057∼0.059 0.059 0.4mm
(5) 0.059∼0.06198 0.06198 0.2mm
(6) 0.06198∼0.07 0.07 0mm
(7) 0.07∼0.073 0.073 0.2mm
(8) 0.073∼0.075 0.075 0.4mm
(9) 0.075∼0.077 0.077 0.6mm
(10) 0.077∼0.079 0.079 0.8mm
(11) 0.079∼0.082 1mm

Table 1 shows the mesh dimensions and the time of mesh structure remapping.

3 NUMERICAL RESULT
3.1 Resonance conditions
Our numerical model has a tone hole placed at the center of the resonance tube. Thus, in the case of funda-
mental frequency resonance mode, stable oscillation can be obtained irrespective of the position of pad, because
of the node of standing wave of pressure is placed at the center of resonance tube at which the tone hole is also
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placed. On the other hand, in the case of 2nd higher mode, due to an antinode of standing wave of pressure is
placed at the center of resonance tube, stable oscillation is prohibited at the condition of opening tone hole.

3.2 Numerical result of fundamental mode (1269Hz)
Numerical results of fundamental mode are shown in Figure 4 and 5.

open to close closed close to open

Figure 4. Snapshots of spatial distributions of pressure p (upper line) and magnitude of velocity U (lower line).

Figure 4 shows snapshots of spatial distributions of pressure p (upper line) and magnitude of velocity U (lower
line) in a steady state. Because of the antinode of standing wave of velocity at the center of resonance tube,
the velocity around the pad and tone hole is relatively active.
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Figure 5. Time evolution of pressure p(upper line) and horizontal particle velocity Ux (lower line) oscillations.
Each line color corresponds to each mesh dimension in Table 1.

Figure 5 shows time evolution of pressure p (upper line) and horizontal particle velocity Ux(lower line) oscilla-
tions. The sampling points of p and Ux are as follows: All sampling points are on the center line of the tube.
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“Left” is the point at 1mm right from the left end of the tube. “Center” is the point at the center of the tube.
“Right” is the point at 1mm left from the right end of the tube.
As shown in Figure 5, our numerical method for moving mesh with topology change works very well, during
the position of the pad is continuously changed in the order of "open - close - open". Amplitudes of p and
Ux are large at the antinode positions and small at the node positions, i.e. behaviors of p and Ux obey the
resonance condition of fundamental mode.

3.3 Numerical result of second higher mode (2538Hz)
Numerical results of fundamental mode are shown in Figure 6 and 7.

open to close closed close to open

Figure 6. Snapshots of spatial distributions of pressure p (upper line) and magnitude velocity U (lower line).

Figure 6 shows snapshots of spatial distributions of pressure p (upper line) and magnitude of velocity U (lower
line) in a steady state. Because of the resonance condition, i.e. node of standing wave of velocity at the center
of resonance tube, the velocity around the pad and tone hole is inactive.
Figure 7 shows time evolution of pressure p (upper line) and horizontal particle velocity Ux(lower line) oscilla-
tions. The sampling points of p and Ux are as follows: All sampling points are on the center line of the tube.
“Middle-Left” is the point at 34.375mm right from the left end of the tube. This point is a node of pressure in
the 2nd higher mode condition. “Center” is the point at the center of the tube. “Model-Right” is the point at
34.375mm left from the right end of the tube. This point is also a node of pressure in the 2nd higher mode
condition.
As shown in Figure 7, our numerical method for moving mesh with topology change also works very well,
during the position of the pad is continuously changed in the order of "open - close - open". Amplitudes of p
and Ux are large at the antinode condition and small at the node condition, i.e. behaviors of p and Ux obey the
resonance condition of 2nd higher mode. In this case, transitions between resonance and non-resonance states
are observed clearly, when the pad is closing and opening.

3.4 Error estimations of mesh manipulation
Table 2 shows errors of pressure at the “Center” sampling point. In the case of “increase mesh (0.8mm →
1mm)”, error is bigger than the case of “decrease mesh (1mm → 0.8mm)”. We assume that this increasing of
error rate is caused by a higher order complement of physical quantities when they are mapped from on small
mesh onto large one.
Other error rates are in the same order ∼ 10−9. Thus, the function of moving boundary calculation with topol-
ogy change in our numerical model is ensured.
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Figure 7. Time evolution of pressure p (upper line) and horizontal particle velocity Ux (lower line) oscillations.
Each line color corresponds to each mesh dimension in Table 1.

Table 2. Errors of pressure at the “Center” sampling point

Mesh manipulation Default mesh dimension Pressure [Pa] Error rate

decrease mesh (1mm → 0.8mm) 1mm(Before) 100004.3572
9.0×10−9

0.8mm(After) 100004.3581

increase mesh (0.8mm → 1mm) 0.8mm(Before) 100003.5042 −2.1×10−8
1mm(After) 100003.5021

topology change (Open → Close) 0.2mm(Before) 100077.2729
6.0×10−9

0mm(After) 100077.2735

topology change (Close → open) 0mm(Before) 100120.6458
1.0×10−9

0.2mm(After) 100120.6459

4 CONCLUSIONS
In this paper, we study the numerical reproducibility of the compressible fluid behavior around a tone hole of
woodwind instruments by using compressible LES. In particular, we focus on the situation that the tone hole is
opened and closed with moving a pad above the tone hole, which is regarded as a moving boundary problem
with topology change.
Our numerical model is a 2D analog of 1/4 scaled Keefe’s experimental model, which has a tone hole placed
at the center of the resonance tube. For seamless numerical calculation of moving boundary problem with
topology change, we have also developed our own compressible LES solver “rhoPimpleMyDyMFoam” on an
open source software OpenFOAM ver.4.1. This solver is applied to our numerical tone hole model and ensured
that the functions of mesh manipulation as moving boundary problems with/without topology change work very
well. From the view point of numerical reproducibility, the most important result is as follows. The transitions
between resonance and non-resonance arise for the calculation of the second mode, when the position of the pad
is continuously changed in the order of "open - close - open". They are consistent with Keefe’s experimental
results. Error rates of pressure at the mesh manipulation is also consistent with this reproducibility.
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It is necessary to check that the same results occurs for a 3D model, and reproduce the pitch change in the
opening and closing the tone hole of more practical woodwind instrument model.
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Abstract
Mridangam is a double-sided percussion instrument used in South Indian classical music concerts as an ac-
companiment. It consists of a smaller, centrally loaded membrane on the right and a larger membrane on the
left. These are assembled on a wooden shell which encloses an approximate double-conical acoustic cavity.
In this paper, the effect of the shape of the cavity on the music generated is of interest. For this purpose, a
one-dimensional analytical model based on a diverging-converging conical horn with short cylindrical ends is
developed. The first six axial natural frequencies and modes are computed from this model and validated using
a 3D finite element model. Moderate alterations to the geometry of the horn show a marginal shift for the first
mode and almost no significant change at the higher modes. However, cavity response to boundary excitations
for different shapes reveals a possible impact on the vibro-acoustics.
Keywords: Musical acoustics, Double-horn model, Boundary excitation

1 INTRODUCTION
Indian classical music has developed many unique sounding instruments during its existence from the Vedic age
to the present. The designs of some of these are quite intriguing. Two such instruments are the Mridangam
and the Tabla. The former is used in the Carnatic music tradition of the South, while the latter is used in the
Hindustani music tradition of the North. They both are percussion instruments used as a rhythm accompaniment.
An inherent feature of these is that, unlike a regular stretched circular membrane, their membranes produce
overtones which are integer multiples of the fundamental. This makes them harmonic, a rare attribute for a
percussion instrument. Harmonicity is achieved by carefully placing a central mass loading on the leather. The
mass loading appears as a black patch on the membrane. The detailed description of the membrane vibration
characteristics can be found in the paper by Raman [1]. An area yet unexplored on the Mridangam is the shape
of the air cavity and its role on the sound generated.
Mridangam has a shape similar to a barrel. The wooden shell has a slightly off-centre bulge, and attached
at both its ends are the membranes. The membrane played by the right hand is called the karanai, and is
harmonic with a central mass loading. On the opposite end is the thoppi membrane, which is not harmonic as
opposed to the karanai. The membranes and the shell enclose an air cavity. It was found from Sooraj’s research
investigation [2] that the wooden shell does not contribute much to the music produced and that the coupling
happens only between the axial modes of the acoustic cavity and axisymmetric membrane vibration modes.
Thus, a simple one-dimensional model would be sufficient for the cavity to carry out shape sensitivity studies.
An analytical model would be more efficient for varying geometric parameters than a finite element model
and hence is chosen for the investigation. After developing a model, an eigenvalue analysis to extract natural
frequencies and mode shapes is followed by the computation of acoustic response to a boundary excitation; this
is carried out for different configurations of the cavity.
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Figure 1. Mridangam air cavity approximation

2 CAVITY ANALYTICAL MODEL
The cavity has a shape resembling a diverging-converging conical horn, with cylindrical ends. Membranes are
attached to these cylindrical portions. An analytical model is built based on this approximation, and figure 1
shows this geometry. The lengths l1, l2, l3 and l4 are 56, 337, 544 and 604 mm respectively. The karanai
end radius, a is 66 mm while that at the thoppi end, d is 80 mm. The largest cross-sectional area has a
radius b, which is 123 mm. For plane wave propagation, the equations for acoustic pressure variation in the
cylindrical sections 1 and 4, is well known. Webster’s horn equation [3] is a one-dimensional approximation
for wave propagation in a variable cross-sectional area. It is solved for area variation of a cone, to get the
pressure distributions at sections 2 and 3 [4]. Subscripts 1 and 2, are respectively used in denoting functions
at cylindrical and conical sections at the karanai end while subscripts 3 and 4, respectively denote functions at
conical and cylindrical sections in the thoppi end. The pressure distribution p, at each section, is as follows.

p1(z) = Ae− jkz +Be jkz (1)

p2(z) =
1

k
(
z− l1 + a

m

) [Ce− jk(z−l1+ a
m ) +De jk(z−l1+ a

m )
]

(2)

p3(z) =
1

k
(
z− l2 + b

n

) [Ee− jk(z−l2+ b
n ) +Fe jk(z−l2+ b

n )
]

(3)

p4(z) = Ge− jkz +He jkz (4)

Here, z is axial coordinate with the origin at the karanai end, k is the wavenumber and c =
√

κ/ρ is the speed
of sound in the medium. The adiabatic bulk modulus, κ and density, ρ for air are taken to be 142 kPa and
1.225 kg/m3, respectively. For the karanai end, C = k

m
a0
2 + j a1

2 , D = k
m

a0
2 − j a1

2 and m = b−a
l2−l1

. Similarly for the

thoppi end, E = k
m

b0
2 + j b1

2 , F = k
m

b0
2 − j b1

2 and n = d−b
l3−l2

. Here a0, a1, b0 and b1 are constants to be determined.

Euler’s momentum equation, ρ
∂u
∂ t =− ∂ p

∂ z is used to get the acoustic particle velocity u at each section. For the
length of the cavity, any function ε is a piecewise function of the form,

ε(z) =


ε1(z) 0 ≤ z ≤ l1
ε2(z) l1 ≤ z ≤ l2
ε3(z) l2 ≤ z ≤ l3
ε4(z) l3 ≤ z ≤ l4

. (5)

2.1 Natural frequencies and modes
Fixed boundaries are used at the ends while extracting the natural frequencies and the mode shape functions
of the cavity, giving boundary conditions u1(0) = 0 and u4(l4) = 0. Ensuring continuity of pressure and its
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gradient at all three interfaces give six compatibility conditions. They are p1(l1) = p2(l1) and u1(l1) = u2(l1)
at the karanai side cylinder-cone interface, p2(l2) = p3(l2) and u2(l2) = u3(l2) at the cone-cone interface, and
p3(l3) = p4(l3) and u3(l3) = u4(l3) at the the thoppi side cone-cylinder interface. All of these give a set of
eight equations, and they are solved simultaneously to get the natural frequencies and its corresponding set of
constants A,B,a0,a1,b0,b1,G and H. Mode shape functions pr are obtained from the constants for the rth mode.
Validation of these results is carried out using finite element simulation with a 3D model. The model has
hexahedral acoustic elements with quadratic interpolation and an average internodal interval of 5 mm. Only the
axial modes from the simulation results are picked out for validation. Natural frequencies of the actual cavity
obtained from experiments are also available for comparison [2]. Table 1 shows the first six natural frequencies
from the analytical and finite element models, along with the first four experimental values. Figure 2 shows the
pressure plots for axial modes 1, 3 and 5. Notice that the analytical approximation agrees well with the 3D
finite element model and is a reasonable assumption for the actual cavity of a Mridangam.

Table 1. Natural frequencies (in Hz) of Mridangam air cavity

Axial mode Analytical Finite element Experimental[2]

1 354.47 351.34 370
2 575.11 569.63 628
3 853.82 847.03 893
4 1122.7 1113.5 1152
5 1402.2 1390.5 -
6 1689.9 1676.6 -

Analytical Finite Element

0.0 0.1 0.2 0.3 0.4 0.5 0.6

z (m)
Mode 1

0.0 0.1 0.2 0.3 0.4 0.5 0.6

z (m)
Mode 3

0.0 0.1 0.2 0.3 0.4 0.5 0.6

z (m)
Mode 5

Figure 2. Pressure plots for axial modes of Mridangam cavity

2.2 Boundary excitation
The membranes and the cavity interact with each other. Modelling the harmonic response of cavity to boundary
excitations is essential to model the coupled acoustics of the Mridangam. Ginsberg [5] has formulated a method,
using Green’s theorem, for solving cavity-structure interaction by modal superposition. The cavity response is
found out using a similar approach. The mathematical formulation assumes piston like motion of walls at the
ends and does not consider structural interaction.
Consider an air cavity with a variable cross-sectional area S(z), as shown in figure 3. Its response to uniform
harmonic motion of walls at either/both of the boundaries (z = 0, l) is of interest. The governing differential
equation for one-dimensional acoustic wave propagation in the cavity is given by,

1
S

d
dz

(
S

d p
dz

)
+ k2 p = 0, (6)
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Figure 3. Cavity with variable cross-section excited at a boundary

where k = Ω/c, for the driving angular frequency Ω. The rigid cavity modes pr(z) satisfy

1
S

d
dz

(
S

d pr

dz

)
+ k2

r pr = 0,

d pr

dz

∣∣∣
0
=

d pr

dz

∣∣∣
l
= 0.

(7)

kr is the wave number for the rth mode. Now, pressure p is written as a linear expansion of mode functions
pr,

p(z) =
R

∑
r=1

αr pr(z). (8)

The following integral equation, based on Green’s second identity, is constructed to evaluate the coefficients in
Eq. 8.

∫ l

0

(
pr

1
S

d
dz

S
d p
dz

− p
1
S

d
dz

S
d pr

dz

)
dz = pr

d p
dz

∣∣∣l
0
− p

d pr

dz

∣∣∣l
0
−
∫ l

0

(
(

d
dz

pr

S
)S

d p
dz

)
dz+

∫ l

0

(
(

d
dz

p
S
)S

d pr

dz

)
dz (9)

From Euler’s momentum equation and Eqs. 6 and 7, this reduces to

(k2
r − k2)

∫ l

0
pprdz =− jρΩ

[
pr(l)u(l)− pr(0)u(0)

]
−
∫ l

0

(
(

d
dz

pr

S
)S

d p
dz

− (
d
dz

p
S
)S

d pr

dz

)
dz. (10)

Further, introducing modal damping with damping ratio ζ , Eq. 10 becomes,

(k2
r − k2 + j2ζ krk)

∫ l

0
pprdz =− jρΩ

[
pr(l)u(l)− pr(0)u(0)

]
−
∫ l

0

(
(

d
dz

pr

S
)S

d p
dz

− (
d
dz

p
S
)S

d pr

dz

)
dz. (11)

A system of equations is formed using R modes. These are solved to get the coefficients. Ensuring velocity
continuity at the moving wall-fluid interfaces renders the boundary conditions u(0) and u(l).
Eq. 11 is extended for the Mridangam cavity to find its response to boundary excitations. Note that pressure p,
mode shape functions pr and area S are piecewise in the domain of the cavity (0 ≤ z ≤ l4). Hence, the integrals
are to be evaluated for each sub-domain and added together. For a vibration magnitude un = 1 mm, driving
frequency is swept up to 1000 Hz. First six modes are taken to reduce the truncation error in this frequency
range. The damping ratio is assumed to be 3% for each mode. For excitation at one end, the other is kept
fixed. When karanai end is excited keeping thoppi fixed, boundary conditions are u(0) = un and u(l4) = 0. For
thoppi side excitation, this changes to u(0) = 0 and u(l4) = un. Response at a point for each of these excitations
is shown in fig 4. Validation is done using the finite element model from the previous section. At the walls, a
uniform velocity is given to each node such that they add up to the value of un in the analytical model. Note,
there are non-axial modes present in the 3D finite element model for the frequency range considered up to the
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Figure 4. Cavity response to boundary excitations

sixth axial mode. Influence of these modes might be the reason for slight mismatch seen at the peaks of the
curves.

3 SHAPE SENSITIVITY STUDIES
For different geometric variations of the cavity, acoustic characteristics are studied to understand the influence
of shape on the sound generated by the Mridangam. Three cases are considered for this purpose, as follows. In
one case, length of karanai side cone is increased by 0.1 m (about 20% length of the conical sections), while
the length of thoppi side cone is decreased by the same amount (figure 5a, λ =+0.1 m). Other parameters are
kept unaltered. For the next, the length of the thoppi side cone is increased (λ = −0.1 m), while the karanai
side cone length is decreased to keep the overall length same. In the final case, a single cone connecting the
cylindrical ends replaces the two cone design (see figure 5b).
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Figure 5. Geometries for shape sensitivity studies

3.1 Natural frequencies
The first step in shape sensitivity study is to extract the natural frequencies and modes for the geometric config-
urations discussed above. It is done by following the procedure described for the original case in the previous
section. Table 2 shows the first six natural frequencies for the three cases studied. The numbers in brackets
indicate the percentage deviation from the original model. Apart from fundamental mode of the single cone
case, every mode is within 6% of the original. The single cone first mode shows a 20% deviation, which is
considerable. Further investigation is required to understand the effect of such a shift.
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Table 2. Natural frequencies of geometries for shape sensitivity study

Mode Frequency (Hz)
Original λ =−0.1 m λ =+0.1 m Single cone

1 354.47 349.64 (-1.4) 335.97 (-5.2) 283.38 (-20)
2 575.11 591.50 (+2.8) 607.02 (+5.5) 564.35 (-1.9)
3 853.82 846.21 (-0.9) 845.10 (-1.0) 845.86 (-0.9)
4 1122.7 1130.9 (+0.7) 1114.6 (-0.7) 1127.5 (+0.4)
5 1402.2 1396.8 (-0.4) 1407.4 (+0.4) 1409.2 (+0.5)
6 1689.9 1689.8 (-0.0) 1689.5 (-0.0) 1691.0 (+0.1)

Brackets indicate percentage deviation from original.

3.2 Boundary excitation response
Boundary excitation response is the next step towards building coupled vibro-acoustic models for shape sensi-
tivity analysis. Eq. 11 is used for the three geometries to get their responses. Karanai and thoppi ends are the
points of interest, for both excitation and response. When one boundary is excited, the other is kept fixed, as
done previously, i.e., u(0) = un and u(l4) = 0 for karanai excitations, and u(0) = 0 and u(l4) = un for thoppi
excitations. The magnitude of oscillation un, maximum frequency swept and modal damping ratio ζ remain the
same as used for the analysis of the original shape. The earlier step provides wavenumbers, kr and mode shape
functions, pr of the three geometries. Note the single cone geometry has only three sub-domains over its length
and hence, p, pr and S are three sub-function piecewise functions in this case, unlike others.
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(d) Excitation and response at thoppi end

Figure 6. Effect of cavity shape on the response to boundary excitation
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Figure 6 shows the response curves calculated for the three geometries in the study, along with the original.
Near the first natural frequency region, the single cone geometry exhibits higher peak pressure when compared
to the baseline geometry as well as the other two modifications. This would suggest that the vibro-acoustic
coupling could be enhanced with a single cone geometry. Moving the largest cross-section area towards karanai
(λ = −0.1 m) reduces the first mode peak pressure amplitude at the karanai when it is excited (see figure
6a), while there is an increase in the pressure at the thoppi side for excitation of the thoppi membrane (see
figure 6d). For the other case of moving the section towards thoppi (λ = +0.1 m), the trends are reversed
from the λ =−0.1 m case. In the second mode region, generally, it is a weak response except for the second
curve in figure 6a. The third curve shows a spike near the third mode in figure 6d. Predominant membrane
vibration modes are below 500 Hz. Thus, the first cavity mode in each geometry is likely to couple more
with the membranes. It looks like the single cone will alter the membrane vibrations and hence the sound
generated. For the other two geometries, there is a distinct increase in the pressure on the membrane opposite
to the direction of change. The increased pressure would possibly lead to more coupling at the first mode when
compared to the baseline, and this needs to be investigated in the near future. Also, the coupling between the
membrane vibrations reduces as the location of the largest diameter is moved on either side of the baseline
location.

4 CONCLUSIONS
The analytical model developed is successfully able to capture the acoustics of a Mridangam cavity to a consid-
erable degree. Natural frequencies from this model are in good agreement with experimental values. Moreover,
finite element results validate the accuracy. Initial inference from shape sensitivity study is that the single cone
cavity might impact more on the vibrations of the membranes; the fundamental natural frequency shifts to the
lower side and the response near this frequency is highest, at either end, for both excitations. Another observa-
tion made is that moving the location of the maximum cavity diameter on the Mridangam shell towards either
end may affect vibrations of the membrane which is opposite to the direction of movement of the largest diam-
eter. The effect of one end excitation on the other end seems to be less sensitive to geometry change, except
for the single cone cavity. To arrive at a definite conclusion requires further analysis by coupling the membrane
and cavity vibrations. This work is in progress.
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ABSTRACT 
A Japanese traditional wind instrument, shakuhachi, is made of bamboo, and it has a different timbre for each 
instrument. There are some invaluable shakuhachi crafted over 500 years ago and it is desirable for those to 
be protected appropriately. The purpose of this study is to restore the shakuhachi from the shape information 
recorded in advance just in case the instrument is lost due to unforeseen circumstances. Reproducing 
shakuhachi by additive manufacturing (3D printing) has been attempted based on the X-ray images taken 
from two directions. Then, it has been confirmed that the shakuhachi were sufficiently restored with the 
feeling of playing the original shakuhachi.  However, since the irregularities on the surface of bamboo cannot 
be reproduced with images taken from only two directions, the appearance of the shakuhachi was quite 
different from the original one. In this paper, a 3D model was created by introducing the adjustment 
processing to the contour of the original shakuhachi from the X-ray CT image, and then the reproduction was 
attempted so that the shakuhachi has a shape close to the original one using 3D printer. 
 
Keywords: Shakuhachi, Wind instrument, Additive manufacturing (3D printing), X-ray CT, Reproduction of 
cultural properties 
 

1. INTRODUCTION 
Shakuhachi is a wind instrument made of the root of natural bamboo. It is a kind of air-lead 

instrument that produces sound by the sound generation phenomenon called edge tone that occurs 
when the airflow from player’s mouth hits the knife edge. The inner surface of the instrument is 
smoothly polished with a mixture of Japanese lacquer "urushi", polishing powder "tonoko", plaster 
etc. [1-2]. Due to the large individual differences of instruments, it is difficult to reproduce the 
shakuhachi as the completely same shape when it was damaged or lost by a disaster. In addition, there 
are shakuhachi that are not allowed to test the sound because the value is too high as cultural asset. 

On the other hand, in air-lead instruments that acoustic energy generated by air column resonance 
is dominant, it is known that no change in timbre can be seen when the material is rigid to a certain 
extent. [1]. In this study, the reproduction method of the instrument using an additive manufacturing 
(3D printing) is investigated based on the shape information of the instrument recorded before 
damaged or lost due to unforeseen circumstances.

First, a 3D model of shakuhachi was created based on the X-ray photographs, and then the 
instrument was reproduced by using a 3D printer. As a result, it was confirmed that the reproduced 
shakuhachi was performable and partially kept the feeling of playing the original one [3]. Next, X-
ray computed tomography (X-ray CT) images of the shakuhachi were taken, and then the 3D model 
and the reproduction of the instrument were conducted [4]. However, when extracting the shape with 
a constant threshold value for the luminance of the X-ray CT image, it is difficult to extract the contour 
of the shape accurately due to the large gap of the luminance between the bamboo part and the inner 
surface part coated by "tonoko". Because of the effect, it was confirmed that the inner diameter of the 
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reproduced shakuhachi became smaller than the original one. Therefore, an adjustment process of the 
contour on the X-ray CT images was introduced for the 3D modeling, and the reproduction was 
conducted to make the appearance and the inner diameter be as close as that of the original one. [5]. 

 

2. Reproduction based on X-ray photographs 
In this paper, 3D model was created based on the X-ray photograph of a real shakuhachi, and it was 

reproduced by using a 3D printer [3]. The original shakuhachi used in this work is an old instrument crafted 
by Shiro Yamaguchi (1885-1963). This shakuhachi is called “Shiro-kan” and well known as a valuable 
instrument [6]. The shakuhachi used in this work was found around 1969 with a crack on the top of the pipe, 
and it was consequently repaired and has been used.  

Figure 1 shows X-ray photographs of the original shakuhachi taken from the front direction and the side 
direction. Since shakuhachi generally has an intermediate junction, the shakuhachi was photographed by 
being divided at the junction into the upper and the lower part. The upper two images in Fig. 1 were taken 
from the side direction. The lower two images were taken from the front direction. The inner diameters of 
the tube were measured every 30 pixels from the mouthpiece to the end of tube on the X-ray photograph, and 
the shape of the shakuhachi was estimated by elliptic interpolation. As the inner diameter of the shakuhachi 
was adjusted by "tonoko" etc., it was necessary to measure the adjusted tube not the substrate bamboo when 
measuring the inner diameter from the X-ray photograph. In this paper, the boundaries of the instrument were 
visually observed from the diameters on the photographs to build the 3D model. In addition, the magnification 
of the image caused by the positional relationship between the X-ray source and the subject was compensated.  

The original shakuhachi and the reproduced shakuhachi by the 3D printer are shown in Figure 2(a) and 
(b), respectively. It is possible to produce sound by the reproduced shakuhachi, and the owner of the original 
shakuhachi stated in the introspection report that the feeling of playing is similar to that by the original 
instrument. However, it is impossible to reproduce the details from the X-ray photographs taken from only 
two directions.  
 

 
Figure 1 - X-ray photographs of shakuhachi 

 

  

 

 

Side view of lower pipes 

Side view of upper pipes 

Front view of lower pipes 

Front view of upper pipes 
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(a) Original shakuhachi 

  
(b) Reproduced shakuhachi based on X-ray photographs 

Figure 2 - Comparison between the original shakuhachi and the reproduced shakuhachi based on X-ray 

photograph 

 

3. Reproduction Based on X-ray CT 
The polygon data (STL file) are required to reproduce the shakuhachi using a 3D printer. STL file 

is a format of polygon data which represents the surface of the object by means of many triangles, 
and generally used in most 3D printers. Figure 3 shows a part of the polygon in a STL file, and that 
the surface is composed of many triangles. In the reproduction of shakuhachi shown in the previous 
chapter, the loft function in CAD software (whose function is to connect multiple contours smoothly) 
was sufficient to make 3D data of the shakuhachi since few values are obtained to represent the shape 
of the instrument. However, this method is insufficient to analyze more than two thousand seats of X-
ray CT images. This chapter describes a method to create STL file from X-ray CT images and shows 
the reproduced result.  
 

 
Figure 3 - Triangular polygon in a part of 3D model 

 

3.1 3D Modeling and Making Polygon 
Figure 4 shows one of 2048 seats of shakuhachi tomographic images taken every 150 μm by X-ray 

CT. These photographs are loaded in MATLAB to create 3D model. First, eight voxels are grouped 
into a cube for one analysis unit as shown in Figure 5. If the luminance value of each voxel is higher 
than a certain threshold level, the voxel is judged inside the solid. If the value is lower than the 
threshold level, the voxel is judged outside of the solid (red circle means inside, blue circle means 
outside in Fig. 5). Next, when the labels of the apex are different one another, the middle point among 
the apexes of the cube is marked as shown in Figure 6 (dark blue circle in Fig. 6). If all marks in each 
analysis unit are finished, a centroid (yellow circle in Fig. 6) is calculated. After that, the boundary 
surface is expressed by multi-triangle polygons using the centroid and the marked points.  

However, some errors were observed in the represented 3D model. This seems to be a defect in 
polygon generating algorithm. Therefore, the polygon errors are repaired by the use of an application 
called Meshmixer, which can process polygons. Figure 7 shows the polygon errors, which needs to be 
repaired, indicated by Meshmixer. In Fig. 7, the blue marks indicate a hole of the mesh, the red marks 
indicate a non-manifold area and the magenta marks indicate a subregion (too small area). In order to 
create STL data that allows a 3D printer to read, the automatic repair by the application and the manual 
repair with the brush tool were repeated. 
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Figure 4 – X-ray CT images 

 

 
Figure 5 - Analysis unit (eight voxels) with voxel information in the center of voxel.  

 

 

Figure 6 - Polygon creation from cube with voxel’s inside and outside information at the vertex. 
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Figure 7 - Locations of triangular polygons displayed by Meshmixer  

 

3.2 Reproduction of shakuhachi by 3D printing 
In this paper, a 3D printer “DaVinci Pro” produced by XYZprinting was used to output the 3D 

models, which is a fused deposition modeling (FDM) type 3D printer. Since the maximum output size 
of the printer was limited to 200 mm × 200 mm × 200 mm according to the specifications of the printer, 
the shakuhachi was divided into four parts as shown in Figure 8. The printer was set to the lamination 
pitch as 0.3 mm and the internal density as 60%. As a result, it took about two and a half days to 
output the 3D models. After that, the joints except for the intermediate joints were bonded with glue.  

 

Figure 8 – The output from 3D printer 
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3.3 Reproduction result and evaluation 
The original shakuhachi and the reproduced shakuhachi are shown in Figure 9 (a) and (b), respectively. 

On the outside surface of the reproduced shakuhachi, several granular protrusions were observed although 
they were not on the 3D model. It is considered that the filament was dripping due to injecting the excessive 
filament in narrow area when the 3D printer output the fine and complexed shape.   

In this paper, the inner diameter at the upper end of mouthpiece, at the intermediate joint and at the end 
of tube were compared between the original one and the reproduced one in order to evaluate the reproduction 
accuracy of shakuhachi. Table 1 shows the comparison results of inner diameters. Any errors over 1 mm were 
not found between the 3D model and the reproduced shakuhachi. However, some errors over 1mm were 
observed at the upper end of mouthpiece and the intermediate joint between the 3D model and the original 
shakuhachi. Therefore, it can be concluded that there is a problem in creating 3D data rather than the problem 
in the reproduction accuracy of the 3D printer. 
 

 
(a) Original shakuhachi 

 
(b) Reproduced shakuhachi based on X-ray CT images 

Figure 9 - Comparison between the original shakuhachi and the reproduced shakuhachi 

 

Table 1 - Accuracy of inner diameter in the reproduced shakuhachi 

 

Original 

shakuhachi 

[mm] 

Shakuhachi 3D Model  

/ Error from the 
original one [mm] 

Shakuhachi output by 3D 

printer  / Error from the 
original one [mm] 

Upper end of 

mouthpiece 
22.35 21.05 / 1.44  20.91 / 1.30 

Joint area 

(upper pipe) 
23.56 22.46 / 0.83 22.73 / 1.10 

Joint area 

(lower pipe) 
18.12 17.97 / 0.94 17.18 / 0.15 

End of tube 17.52 17.80 / -0.12 17.64 / -0.28 

 

4. Inner diameter adjustment of 3D model 
When creating a 3D model from CT images, the inner diameter was narrower than that of the original one. 

The reason may be that the contour is not extracted correctly as the luminance value of the part coated with 
“tonoko” etc. is extremely high comparing with the part of bamboo. Therefore, in this paper, an adjustment 
method is investigated for the inner diameter in the X-ray CT image. This chapter describes the adjustment 
method of the inner diameter and its effect.  
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4.1 Inner diameter adjustment method 
In the adjustment of the inner diameter, the edges are detected from the brightness gradient after the X-

ray CT images are binarized. Although 3D models are generally obtained from a binarized image, it is 
possible to make the solid area narrower by subtracting one pixel of the detected edge from the binarized 
image. Based on the result in the previous chapter, this operation was repeated six times, and the adjustments 
were performed to extend the inner diameter by six pixels.  
 

4.2 Result and evaluation of inner diameter adjustment 
Table 2 shows the reproduction accuracy for the inner diameter of the reproduced shakuhachi created by 

the 3D printer. By the inner diameter adjustment method for the X-ray CT image, the inner diameter was 
reproduced as precisely as that of the original shakuhachi. 

In addition to adjusting the inner diameter, the weight was also considered by changing the output density 
of the 3D printer. The results are shown in Table 3. Reducing the density, the weight became closer to that of 
the original shakuhachi. As the density decreased, however, many faint gaps were recognized and the breath 
leaked from these faint gaps. 
 

Table 2 - Accuracy after inner diameter adjustment 

 

Original 

shakuhachi 

[mm] 

Inner diameter without 

adjustment / Error from 
the original one [mm] 

Inner diameter after 

adjustment / Error from 
the original one [mm] 

Hole of 

mouthpiece 
22.35 20.91 / 1.44  21.17 / 1.18 

Joint area  

(upper pipe) 
23.56 22.73 / 1.83 23.54 / 0.02 

Joint area  

(lower pipe) 
18.12 16.18 / 1.94 18.10 / 0.02 

End of tube 17.52 17.64 / -0.12 17.53 / -0.01 

 

Table 3 - Changes in the output density of 3D printer 

 Original  
Reproduced, print density 90 % 

/ Error from original one  

Reproduced, print density 60 % 

 / Error from original one 

Upper pipe 

weight [g] 
168 200 / -32  152 / 16 

Lower pipe 

weight [g] 
211 244 / -33 181 / 30 

 

5. CONCLUSIONS 
In this paper, the preservation of the shape information for an ancient Japanese instrument “shakuhachi” 

and the reproduction of the instrument from the preserved shape information using a 3D printer were 
investigated for the purpose of protecting cultural asset. The reproduction method based on X-ray images 
and X-ray CT images were carried out in this work. Although the reproduced shakuhachi based on the X-ray 
photographs was playable, its outside shape was different from the original one. Since more details of 
shakuhachi shape were observed by means of the X-ray CT images, a 3D model of shakuhachi was created 
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again. Due to the high luminance value of the X-ray CT image in the inner part of shakuhachi coated by 
“tonoko”, the inner diameter adjustment method was employed so that the reproduced shakuhachi has more 
precise shape compared to the original one. Moreover, the weight of the reproduced shakuhachi was reduced 
as much as that of the original one by changing the output density of the 3D printer. 

This paper presented that there was a possibility to reproduce a shakuhachi by a 3D printer if the shape 
information based on the X-ray CT images is preserved. The results strongly suggested that X-ray CT images 
should be taken for any invaluable shakuhachi designated as an important cultural property before it is 
damaged or lost due to unforeseen circumstances.  
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ABSTRACT 
Accurate prognosis of Meniere’s disease (MD) is difficult. The aim of this study is to treat it as a machine-
learning problem through the analysis of transient-evoked (TE) otoacoustic emission (OAE) data obtained 
from MD patients. Thirty-three patients who received treatment were recruited, and their distortion-product 
(DP) OAE, TEOAE, as well as pure-tone audiograms were taken longitudinally up to 6 months after being 
diagnosed with MD. By hindsight, the patients were separated into two groups: those whose outer hair cell 
(OHC) functions eventually recovered, and those that did not. TEOAE signals between 2.5-20 ms were 
dimension-reduced via principal component analysis, and binary classification was performed via the support 
vector machine. Through cross-validation, we demonstrate that the accuracy of prognosis can reach >80% 
based on data obtained at the first visit. Further analysis also shows that the TEOAE group delay at 1k and 
2k Hz tend to be longer for the group of ears that eventually recovered their OHC functions. The group delay 
can further be compared between the MD-affected ear and the opposite ear. The present results suggest that 
TEOAE signals provide abundant information for the prognosis of MD and the information could be 
extracted by applying machine-learning techniques. 
 
Keywords: Otoacoustic Emission, Meniere’s Disease, Machine Learning, Signal Processing 

1. INTRODUCTION 
Since the discovery of otoacoustic emission (OAE) in 1978 (8), its presence has been utilized as a 

non-invasive indicator of the status of the outer hair cells which amplify the inner ear vibration caused 
by sound waves. The OAE stimulated by short broadband acoustic impulses is referred to as the 
transient evoked (TE) OAE. According to the characteristics of the cochlea, within 20 ms after the 
transient click, the high-frequency of OAE is first transmitted then the low-frequency appears (7). 
TEOAE and distortion product (DP) OAE tests have been widely used in clinical applications  (9), 
such as classifying normal hearing and hearing loss by TEOAE long-latency components (11), 
classifying normal ears and MD ears by combining TEOAE and a masker tone of 30 Hz in a different 
phase (13), newborn hearing screening based on TEOAE amplitude (19), and classifying MD-affected 
ear and the opposite ear by TEOAE phase (12).  

Few studies attempted hearing prognosis using TEOAE. Sudden sensorineural hearing loss (SSHL) 
prognosis by TEOAE was proposed by Amiridavan M et al. (2). Lalaki et al. (10) and Shupak et al. 
(17) have studied prognosis in idiopathic SSHL patients and concluded with a criterion that TEOAE 
SNR≥ 3 dB would be an indicator for recovery of hearing. Overall, these studies suggested that 
TEOAE may have prognostic values for hearing impairment of cochlear origins. To the best of our 
knowledge, however, MD prognosis based on TEOAE signals has not been attempted.  

MD is a cochlear dysfunction possibly due to endolymph swelling, and its symptoms include severe 
vertigo, tinnitus, and acute hearing loss (23). MD usually affects only one ear and is more likely to 
happen to adults of age 40 to 60 (23). In 2010, MD is estimated that 615000 cases diagnosed in the 
United States and 45500 new cases occur each year (23). Accurate prognosis of MD has been known 
to be difficult (1) and finding a specific TEOAE pattern in MD patients has not been successful (4). 
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This study focuses on MD prognosis and the aim is to find useful features from TEOAE to build a 
predicting model using machine learning techniques.  

The rest of this paper is organized as follows. Data collection and steps of proposed approach are 
described in Sec. 2. The machine learning model, results of classification, data visualization, and 
statistical analysis are shown in Sec. 3. Finally, discussions and conclusions are given in Sec. 4 and 
5, respectively. 

2. Data collection and signal processing 
According to the longitudinal pure-tone audiometry (PTA) (3) data of the MD-affected ears, we 

manually label whether the patients had recover from hearing loss. Then, a predicting model was built 
based on the TEOAE signals measured at the first visit. The general flowchart is shown in Figure 1 
and details are described in Sec. 2.1 to 2.4. 

 
Figure 1 – A block diagram of the proposed approach for machine learning-based prognosis. The 
definition of the labels “Good” and “Bad” are given in Sec. 2.1.1. 

2.1 Subjects 
Thirty-three MD patients with unilateral MD-affected ear between age 20 and 65 were recruited 

and their PTA and TEOAE were longitudinally tracked during the treatment period. For each patient, 
after being diagnosed with MD, the PTA and TEOAE were measured every week (in week 1-4) in the 
beginning; after that, the measurements were repeated in the 8th week, the 12th week (the third month), 
and the sixth month. The PTA and TEOAE were obtained from both ears for every patient during 
every follow-up visit. The Institutional Review Board of Cathay General Hospital approved this study 
(Approval Number. CGH-P104045). 

The MD affected ears were grouped into two classes by comparing the PTA of the first and last 
visit according to the following criteria: 

 “Good” ears: if an improvement by 15 dB (e.g., the left panel of Figure 2) or more was 
observed in any of the PTA frequencies, or if the PTA results showed no improvement of 
greater than 15 dB in any frequency but the overall hearing could be categorized as normal 
(PTA ≤25 dB) or mild (26-40 dB) hearing loss. 

 “Bad” ears: if ear has been diagnosed as MD chronic, or otherwise the PTA results showed 
no improvement of greater than 15 dB (e.g., the right panel of Figure 2) in any frequency 
while the hearing loss was categorized as moderate (PTA = 41-70 dB) to severe (>70 dB). 

Following the definition above, we found 17 good cases (among which 15 ears had improved 
hearing, and 2 did not) and 16 bad cases (4 MD Chronic, 12 no improvement in hearing). Data from 
32 non-MD affected ears were also collected. 
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Figure 2 – Examples of pure-tone audiograms obtained longitudinally over 6 months. Left: a case of 
possible OHC function recovery in the end. Right: a patient whose OHC function probably did not 
recover. These two categories are arbitrarily named “Good” and “Bad” to refer to their OHC status. 

2.2 Signal acquisition 
The click stimulus was the same as described in (22). TEOAE signals were recorded by the ER-

10C (Etymotic Research Inc., Elkgrove Village, IL, USA) probe connected to a 24-bit UltraLite-mk3 
Hybrid external sound card (MOTU, Cambridge, MA, USA). The transient click was generated by 
computer and transmitted through the soundcard to the ER-10C earphone. The sampling rate was set 
to 44.1 kHz. The peak sound pressure level was about 74 dB relative to 20 uPa. The click rate was 
maintained at 10 per second. The TEOAE was recorded in a quiet office at Cathay General Hospital, 
Taipei, and the noise floor was approximately 23-27 dB SPL. For each recording session, 3000 clicks 
were played. Both the MD-affected ear and the opposite ear were measured. 

2.3 Signal processing 
This section describes the procedure of extracting TEOAE from the raw click responses. The 

process consists of the following steps. 
2.3.1 Band-Pass filtering 

Because the signals were not acquired in a soundbooth, power-line contamination at multiples of 
60 Hz was observed with a peak at 120 Hz. To mend this problem, an 1.0-8.0 kHz bandpass filter was 
designed using a Kaiser window (6) of length = 90 taps. The raw signals were convolved with the 
impulse response of this filter in the time domain. 
2.3.2 Artifact rejection 

Large-amplitude acoustic noise (e.g., the sound of swallowing or the sound of friction due to body 
movement) exists and it must be removed before analysis of TEOAE. Each recording session is cut 
into 3000 frames so each frame contains one click. A frame is abandoned if any of the following 
criteria is met: 

 The amplitude of transient click is not between 1±0.1 times is the average amplitude of clicks 
among all frames. 

 The instantaneous sound pressure of the frame exceeds 2 mPa at any moment. Note that, 
empirically, human TEOAE amplitude in 2.5 to 20 ms after the click should not exceed 0.2 
mPa or 20 dB SPL. Therefore, any noise at greater than 2 mPa is regarded as large deviation 
and should be discarded. 

Also, as much as an entire file is concerned, if the total number of preserved frames is less than 
700, the session is regarded as a failure and the file would not be included in the dataset. 
2.3.3 Median frame computing and noise-floor estimation 

The TEOAE signal is estimated by computing the median among those frames that are preserved 
after artifact rejection for every sample in the time domain. A schematic view of the procedure is 
shown in Figure 3, and the result is hereafter called the median frame. Also, to estimate the signal to 
noise ratio (SNR) by TEOAE repeatability (16), a noise-floor signal is first defined as follows, 

 (1) 

where   denote individual frames,   denotes the time index, and   denotes the total 
number of preserved frames after artifact rejection. An example of the estimated TEOAE signal (i.e., 
the median frame) and the corresponding  for that session are shown in Figure 4. The power 
spectrum of this noise-floor signal enables calculation of SNR at every frequency, as shown in Figure 
5. 

 
Figure 3 – A schematic illustration of computing the median frame;   denotes the number of 
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preserved frames after artifact rejection, and  is the length of each frame.  

 
Figure 4 – An Example of the estimated TEOAE signal (blue) and the noise-floor signal (red). 

2.4 Feature extraction 
This section describes the procedure of transferring the TEOAE frame (2.3.4) to features. The 

process consists of four steps listed as follows. 
2.4.1 TEOAE after principal component analysis (PCA) 

After denoising the signal via taking median, an application of PCA for dimension reduction is 
carried out (21). The TEOAE signals in 2.5-20 ms after the click are analyzed and dimension equals 
to the number of samples, which is 772. In order to avoid overfitting in the subsequent supervised 
learning procedures, the dimensionality is reduced to three by PCA (14) first. 

PCA is a statistical method of unsupervised learning which simplifies the dataset at hands. PCA is 
often used to reduce the dimensionality of data while maintaining the features that contribute the most 
in the data set in terms of the variance. 

In this research, the dataset is denoted as a matrix , where  is the total number of ears, and 
 is the total number of samples in each TEOAE signal. First, the covariance matrix  

is calculated as follows: 
  (2) 

where the expectation is taken along the ear dimension. Then, the eigenvalue (λ) and the corresponding 
eigenvector (w) of are calculated by solving the following system of equations, 

(3) 
Finally, the eigenvalues are sorted in the descending order, and the eigenvector corresponding to 

the first  eigenvalues are selected as the eigenvector set for projection. The features after 
dimension reduction, , is defined as follows, 

(4) 
Each column in the matrix   is considered a feature and the values are hereafter called 

TEOAE-after-PCA. 
2.4.2 SNR 

The signal-to-noise ratio (SNR) captures the relative strength of the TEOAE signal with the 
background noise. In this study, we attempt to evaluate its usage as a feature for machine prognosis 
purposes. The SNR is defined as follows, 

(5) 

where   and   are row-vector representations for the TEOAE signal and the noise-floor signal, 
respectively for each recording session, respectively.  
2.4.3 Energy 

Although the information might be somewhat redundant, to evaluate its usefulness for machine 
prognosis purposes, the absolute energy is also calculated, 

 (6) 

2.4.4 Group delay 
The group delay  is the energy delay time of the signals in different frequencies. It can be 

calculated as follows: 
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   (7) 
where denotes the phase spectrum of the TEOAE signal. An example of  of an ear that 
was not affected by MD is shown in Figure 5. Empirically, since MD is known to affect the low-
frequency hearing (5) more than the high frequency hearing, we selected the group delay at 1 and 2 
kHz as potentially useful features for machine prognosis. 

In practice, the phase spectrum of a signal would be less reliable at frequencies with low SNR ; for 
example, in the left panel of Figure 5, noise magnitude is close or even larger than signal magnitude 
at some points. To avoid large errors in subsequent calculation of the group delay, a point pick 
procedure was adopted. If any frequency has an SNR of less than 2 dB, that frequency bin  would be 
abandoned. In order to get continuous phase, the lowess smoothing with length 150 points, about 3.2 
kHz, was applied, and the phase curve after smoothing was shown in Figure 5 (right panel).   

 
Figure 5 – An Example of the TEOAE magnitude spectrum (left), the corresponding group delay 
(middle) and the phase spectrum (right). Note that both the phase spectrum before and after smoothing 
are shown for comparison. 

3. Machine learning results of prognosis 
A support vector machine (SVM) (20) classifier was trained to predict whether an MD-affected ear 

would turn out to be a “good” case or a “bad” case (See Sec. 2.1 for the definition). The SVM classifier 
takes the features listed in Sec. 2 (e.g., TEOAE after PCA, SNR, group delay at 1 and 2 kHz) as the 
input, acquired during the patient’s first visit to the clinic after the onset of initial MD symptoms. The 
machine learning methods and evaluations are given in 3.1, the features of TEOAE are visualized in 
3.2, and some additional statistical analysis is given in 3.3. 

3.1 Classification by SVM 
First, the value of each feature is normalized so the range becomes between 0 (the minimum among 

all ears) and 1 (the maximum). This normalization step is necessary so the SVM training would not 
favor one feature over the other simply because of the choice of unit. The adopted SVM library is 
from Scikit-Learn (15), and the best penalty parameter and kernel coefficient were determined by 
cross validation.  

Empirically, we chose the sigmoid function as the kernel function for SVM. The prognosis 
accuracies of different feature combinations with 3, 4, 5, or 16-fold cross validation are shown in 
Table 1. In particular, the confusion matrix of 4 cross-validation using TEOAE-after-PCA and group 
delay is shown in Table 2. 

Observing the accuracy in Table 1, note that the combination of TEOAE-after-PCA and group delay 
produces the best results; the results do not differ by more than 10% between 3, 4, 5, and 16-fold cross 
validation.  

Table 1 – Prognosis accuracy (%) based on different feature combination 

Features  3 cross- 

validation 

4 cross- 

validation 

5 cross- 

validation 

16 cross- 

validation 

TEOAE-after-PCA  81.81 78.125 80.00 81.25 
SNR 60.60 65.625 73.33 62.50 

Energy 54.54 71.875 66.66 62.50 

Group delay 75.75 78.125 76.66 78.13 

TEOAE-after-PCA & Group delay 84.84 90.625 86.66 81.25 

6509



 

 

Table 2 – The confusion matrix of 4 cross-validations by combining group delay at two frequencies 
and TEOAE projections onto three principal components  

 

M=32 

Predicted 

“Good” 

Predicted 

“Bad” 

Actual: “Good” 13 3 

Actual: “Bad” 0 16 

3.2 PCA data visualization 
After PCA, the dimension of TEOAE data is reduced from 772 to 3 and it can be visualized b y 3-

D plots as shown in Figure 6. 

  

  
Figure 6 – (3 cases) TEOAE data reduced to three dimensions after PCA 

The eigenvectors corresponding to three largest principal components are shown in Figure 7. By 
inspection, note that the first two components seem to capture the middle-ear ringing more than the 
third component, and the third component looks more reminiscent of an actual TEOAE signal. 
However, in Figure 6 it is hard to say whether the “good” and “bad” ears tend to segregate better along 
one of the PCA axes. Further analysis on the distribution of each feature is given next.  

 
Figure 7 – (Left to Right) Eigenvectors of the largest three principal components  

3.3 Statistical analysis for each feature 
The difference in the statistical distribution between “good” and “bad” ears along each feature 

dimension is quantified by the Welch’s t-test (18), and the results are shown in Table 3. Note that the 
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difference in group delay was the most significant (with the smallest p values). Also note that no 
significant difference was found in SNR, and energy features. This argues against the traditional 
wisdom of treating the magnitude of TEOAE per se as an indicator for inferring the cochlear status.  

 
Table 3 – Statistical analysis by Welch’s t-test based on different feature 

Features  Test Statistic p-value 

TEOAE after PCA1 2.3089 0.0291 

TEOAE after PCA2 -0.2732 0.7869 

TEOAE after PCA3 1.7692 0.0926 

SNR -0.0926 0.9268 

Energy 0.8160 0.4212 

Group delay_1k 2.9409 0.0066 

Group delay_2k 3.9127 0.0008 

4. Discussion 
This study focuses on finding useful features for MD prognosis purposes. By extracting features 

from TEOAE waveforms, we found that the combination of TEOAE-after-PCA and TEOAE group 
delay at 1 and 2 kHz give the best prediction accuracy. The present results suggest that TEOAE 
waveforms might contain useful information for inferring the cochlear conditions in MD affected ears.  

For the first and second eigenvectors shown in Figure 7, the instantaneous frequency at the 
beginning seems to be higher than toward the end, which is consistent with the characteristics of 
TEOAE (7). In the future, if more data are available, more principal components could be visualized 
and perhaps useful information could be unraveled.  

Presently, we encounter low SNR at 4 and 8 kHz due to relatively strong middle -ear ringing at the 
time course when high frequency (>4 kHz) components are supposed to be emitted from the cochlea. 
Therefore, though not shown in this article, the group delay calculated at 4 and 8 kHz turned  out to 
be not helpful for SVM-based classification, because the group delay value was mostly close to 3 
milliseconds in each case. To extract reliable signal at high frequencies, a nonlinear paradigm for 
signal acquisition might be considered. Nevertheless, since MD is known mostly to affect low 
frequency hearing rather than high frequency (5), chances are that 1 and 2 kHz components are still 
more reliable than higher frequencies for inferring cochlear conditions in MD-affected ears. For the 
prognosis of other acute hearing loss of cochlear origins, however, acquiring features from a broader 
frequency range might be preferred. In the future, frequency components below 1.0 kHz should also 
be analyzed if SNR could be improved and the power-line noise encountered in the present study can 
be physically blocked. 

5. CONCLUSIONS 
Useful features in TEOAE have been discovered for MD prognosis purposes. Combining TEOAE 

waveforms in 2.5~20ms and TEOAE group delay at 1 and 2 kHz gives the best prediction accuracy. 
Results of this study support our research motivation that the doctor could know if an MD patient's 
hearing had any chance to improve based upon examination during the first visit. The present results 
suggest that TEOAE signals provide abundant information for the prognosis of MD and the 
information could be extracted via machine-learning techniques. 
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ABSTRACT 
Scalp-recorded electrophysiological Envelope Following Responses (EFRs) have recently gained popularity 
as an objective measure of supra-threshold hearing deficits (e.g., as caused by cochlear synaptopathy). To 
explore the frequency specificity of EFRs in diagnosing deficits, we recorded EFRs to sinusoidally 
amplitude-modulated (AM) white noise carriers with different bandwidths in two participant groups: young 
normal-hearing control group and a group self-reported hearing difficulties in noisy listening environments. 
Despite individual variability in EFR strength, the group-means revealed minor response differences in 
stimuli with different low-frequency content. The limited contribution of auditory frequency channels below 
2 kHz to the EFR was confirmed through EFR simulations from a biophysically-inspired model of the human 
auditory periphery. Further investigation showed that the minor low-frequency contribution stems from the 
lack of AM coding in individual low-frequency channels, although the overall spike-rate increases for 
stimulation with wider carrier bands. In conclusion, despite the broadband cochlear excitation, the broadband 
EFR mostly reflects summed AM coding strength in frequency channels above 2 kHz. To increase the 
frequency sensitivity of the EFRs it is necessary to carefully investigate the bandwidth and modulation 
frequency of the stimulus. 
 
Keywords: Envelope Following Responses, Frequency sensitivity, Broadband modulated stimuli 

1. INTRODUCTION 
Threshold audiometry at frequencies between 250-8000Hz does not quantify the possible supra-

threshold hearing deficits in listeners with normal hearing thresholds. One of the possible sources of 
supra-threshold hearing deficits is loss of auditory nerve (AN) fibers (i.e., cochlear synaptopathy) as 
a result of noise exposure or aging. The synaptopathy leaves the outer-hair-cells intact and does not 
affect the audiometric thresholds. Recently, auditory evoked potentials such as Auditory Brainstem 
Responses (ABRs) and Envelope Following Responses (EFRs) have been proposed to quantify these 
supra-threshold hearing deficits. EFRs reflect the phase-locking strength to the modulated sounds (1) 
and are sensitive to synaptopathy in animals (2). Hence, EFRs could be more robust metric to measure 
these types of fibers synchrony to the modulated stimulus. However, EFRs are confounded by stimulus 
and subject-specific factors (3, 4) as well as the spread of the basilar-membrane excitation (5). 

To evaluate the diagnostic power and tonotopy of frequency-specific EFRs in humans, we 
investigated which cochlear frequency regions contribute to the scalp-recorded population response. 
Therefore, we took an experimental approach in which we adopted, (i) white-noise carriers of various 
bandwidths with different low cut-off frequencies, (ii) stimuli with a modulation frequency (MF) of 
120 Hz to avoid cortical contributions to the response and (iii) a stimulus level of 70-dB-SPL to 
encompass the contribution of a range of low and high-threshold AN fibers to the EFR. We recorded 
EFRs in groups with normal audiograms but with or without self-reported hearing difficulties in noisy 
environments. The former group might be representative of the target synaptopathy expected group 
without hearing thresholds deficits.  

To further investigate the origin of the experimental EFRs differences to noise carriers of different 
bandwidths, we adopted a model-based approach (6). The model offers a promising way to further 
explore the influence of different stimuli characteristics on the frequency sensitivity along the 
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different processing levels of the auditory periphery (i.e., cochlea, AN and brainstem). Given that 
previous studies have shown that increasing the MF of a broadband noise, increases the behavioral 
AM detection thresholds (7) and decreases the EFR amplitudes (8), we focused on investigating the 
effect of different modulation frequencies in encoding the stimulus envelope in basilar membrane 
(BM) velocity and AN spike rates. 

First, the experimental stimuli and the participated groups are described. After which Sections 2 
and 3 detail the implemented methods and show comparisons between experimental and simulated 
EFRs. Finally, the discussion states possible reasons for the lack of AM coding in the experimental 
data at lower frequencies and make suggestions to improve the broadband EFRs frequency sensitivity 
based on the model simulations.  

   

2. Methods 
EFRs were recorded to five filtered white-noise carriers in [0.25-22], [0.5-22], [1-22], [2-22] and 

[4-22] kHz frequency bands and were 100% modulated with a 120 Hz pure tone. The spectrally widest 
stimulus was presented at 70-dB-SPL and the other bandwidth stimuli had lower level to maintain a 
similar spectral level in all filtered stimuli . The stimulus epochs were 1.25-s long and repeated 370 
times. EFRs were recorded with a 64-channel Biosemi EEG system. Details of the experimental setup 
were described elsewhere (9). Sixteen normal-hearing (NH) subjects aged 18-30 years (24.21±4.10 
years, six female) and nine audiometric normal hearing subjects with self-reported hearing difficulties 
in noisy environments (NHSR) aged 23-49 (33.78±8.57 years, three female) participated in the 
experiment. All participants had hearing thresholds below 25 dB-HL, except for one participant who 
had 30 dB-HL loss at 250 Hz. The best audiometric ear at 4 kHz was chosen for the monaural 
stimulation. During the recording, the subjects were seated in a comfortable chair in an acoustically 
and electrically shielded sound booth watching silent movies with subtitles to keep them awake. All 
participants were informed about the experimental procedure according to the ethical procedure at 
Ghent University and an informed consent was received. 

2.1 Experimental Data Analysis 
For each condition, the responses from the Cz channel were filtered between 60 and 600 Hz with 

a 800th order Blackman window-based band-pass FIR filter in MATLAB using the filtfilt function. 
Then, the signals were epoched in 1-s long blocks starting 0.25 after the stimulus onset to focus on 
the steady state part of the response. A baseline correction was applied by subtracting the average of 
each epoch, before averaging across trials. Thirty epochs with the highest peak-to-trough absolute 
values were removed to drop noisiest epochs and keep an equal number of epochs to average for all 
conditions and subjects. We adopted a bootstrapping method to identify the EFR strength and signal-
to-noise ratio in the frequency domain (10): First, the Fast Fourier Transform (FFT) of each epoch 
was computed. Then, an averaged FFT over 340 epochs randomly drawn with replacement out of total 
epochs was calculated. This procedure was repeated 200 times and resulted in a nearly Gaussian 
distribution of mean spectra of the responses. The absolute value of the mean of 200 averaged epochs, 
yielded the EFRs in the frequency domain. Secondly, the same procedure was followed with 1000 (of 
which half were phase-flipped) repeated averages to estimate the noise-floor. Finally, the subtraction 
between the absolute values of the signal and noise-floor averages resulted in the stimulus-driven EFR 
spectrum. To calculate the EFR strength, we included the magnitude of fundamental MF and any 
visible harmonics. Only two harmonics were visible in our data, we hence considered the magnitude 
of the fundamental frequency of the modulator (i.e., f0=120 Hz) and two harmonics: 

 
                                               (1) 

 

2.2 Modelling Approach 
We simulated EFRs using a biophysically-inspired model of the human auditory periphery (6). The 

same stimuli as were adopted in the experiment presented to the model, but with a total duration of 
600 ms. The last 400 ms of the simulated responses were used for the EFR calculation. Further analysis 
steps were identical to the experimental data analysis. Given that the stimulus was noise, simulated 
responses were averaged 100 times before calculating the EFR. The modelling approach, brings the 
benefit of allowing a frequency-specific investigation of the sources contributing to the EFRs to 
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modulated broadband stimuli at both the BM and AN processing levels. To this end, we explored the 
energy, i.e., the root-mean-square (RMS), and modulation strength at each simulated characteristic 
frequency (CF) channel. We calculated the modulation strength at both BM and AN levels in the time 
domain by averaging the BM velocity and AN spike rates across all cycles for each epoch. For a MF 
of 120 Hz, each epoch encompasses 48 cycles and taking into account the 100 repet itions of the 
stimulus representation, the half of the peak-to-peak amplitude of the 4800 averages were defined as 
the modulation strength of each CF channel. We followed the same procedure to calculate the 
modulation strength for the AN simulations to keep a fair comparison with the BM simulations. 

3. Results  

3.1 EFR Magnitudes Evoked by Broadband Stimuli 
Figure 1, shows the EFR magnitudes for the different stimulus conditions and groups (i.e., NH and 

NHSR). Even though the data points for each condition show individual variabilities, the group-means 
were constant across conditions for stimuli of low cut-off frequencies up to 2 kHz. A decrement was 
observed for the last condition with the stimulus bandwidth of [4-22] kHz. The normal-hearing model-
predicted EFRs (diamonds in Figure 1), reveals the same trend as the experimental group-means across 
conditions. The NHSR group-mean EFRs of the participants were lower than the EFRs of the NH 
participants in each condition. This finding is consistent with the idea that NHSR listeners may suffer 
from supra-threshold hearing deficits. 

3.2 CF Contributions to the EFR  
To explore the origin of the frequency-dependent behavior of the EFRs, we studied the contribution 

of different CF channels for different stimulus conditions to population responses at BM and AN 
levels of the model. Figure 2 shows simulated excitation patterns and modulation responses to the 
experimental stimuli of BM velocity (Figure 2a and 2b) and AN responses (Figure 2c and 2d). The 
excitation pattern shows increased velocity at CF channels corresponding to those contained in the 
stimulus frequency, while the BM modulation response, shows a sloping response starting one octave 
below the excited CF channels, and a constant behavior at CF channels above the 4 kHz. A similar 
pattern can be observed at the AN level, where a sharp increase in spike rate is observed for 
frequencies contained in the stimulus in the excitation pattern. A sloping spike rate increment in 
modulation response was again observed when evaluating the modulated response at AN. Since the 
EFR is a population response across the CF channels, the overlapping modulation response for the 
first three conditions, explain the equal group-means observed in the experimental data in Figure 1. 

 

 
Figure 1 – Recorded EFR magnitudes in NH (circles) and NHSR (squares) listeners. The corresponding 

group-means are shown with left pointing triangles. Simulated EFRs for a normal-hearing model are shown 

by black diamonds. 
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Figure 2 – Simulated excitation patterns and modulation responses calculated for each CF channel to the 

experimental stimuli from the BM (a and b) and AN (c and d) processing levels of the model. 
 
To investigate the absence of AM coding at low CFs for 120 Hz modulator, we further evaluated  

the effect of MF and CF contributions to the modulated response in the broadest bandwidth condition, 
i.e., [0.25-22] kHz. First, a time domain visualization from two CF channels  is shown in Figure 3, for 
MFs of 20 and 120 Hz. CF channels of 500 and 4000 Hz are shown and evaluated for their AM content 
at the BM velocity (Figure 3a) and AN spike rate (Figure 3b). Both responses to non-modulated and 
modulated broadband stimuli are shown and the response from CF=500 Hz shows no noticeable 
difference between non-modulated and 120 Hz modulated noise at both BM and AN processing levels. 
However at the CF=4000Hz the effect of MF can be observed. A more direct comparison of the 
modulation strength at two CF channels was made in Figures 3c and d at BM and AN levels, where 
the 4800 averaged cycles at 120 Hz MF and 8×100=800 averaged cycles at  20 Hz MF are shown. 
These figures reveal the lack of modulation response at 120 Hz MF in low CF channel (500 Hz) at 
both BM and AN levels, which are in agreement with Figure 2b and c, where no modulation response 
can be seen at low CFs.  

 

4. Discussion 
The simulation results in response to broadband stimuli confirmed that there is a reduced 

contribution from lower CF channels and higher modulation frequencies (120 Hz) at the AN level to 
the EFR. To study the impact of MF and different cochlea CF regions sensitivity to the EFR, Figure 4 
compares the excitation pattern and modulation response of BM velocity and AN spike rates in 
response to a range of modulation frequencies between 20 and 120 Hz. Although there is an 
approximately equal excitation pattern in all MFs at both BM and AN levels (Figure 4a and c), the 
modulation responses show different behavior for different MFs. For a specific MF, the modulation 
response at BM and AN increases from the apical end to the base. Decreasing the MF, enhances the 
modulation response at all CFs, especially at the basal end and at the BM level (Figure 4b). Even 
though the AN level largely reflects the response from the cochlea, we observe that the sloping and 
increasing modulation response saturates for higher CFs to a fixed MF. Therefore, in spite of an 
increased modulation response at BM level with decreasing MF, especially at higher CFs, the 
saturation mechanism at the AN level (due to saturating AN fibers) moves the EFR frequency 
sensitivity to the lower CFs. One of the possible reasons for the enhanced modulated response of 
lower MFs at BM, could be the wider filters at higher CFs where more sidebands of the noise-carrier 
fall inside the cochlear filters and increase the energy of the modulation response. In this context, 
increasing the MF moves the sidebands further away from the carrier component and decreases the 
modulation response within a single CF channel (11).  
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Figure 3 –One hundred averaged simulated time-domain epochs in response to broadband stimuli modulated with different 

MFs in two CF channels at the (a) BM and (b) AN levels of the model. The averaged cycles across each epoch at (c) BM and 

(d) AN levels. 

Based on the model simulations, we conclude that the equal magnitude EFRs for the first three 
experimental conditions is a consequence of small differences of the curve area of under MF=120 Hz 
AN modulation response at low CFs and the saturation which occurs at about 4 kHz and higher CFs 
(Figure 4d). The decrement in the EFR for [4-22] kHz experimental condition is caused by the larger 
difference between areas under the curves with the previous, broader conditions (shown with dashed 
lines in Figure 4b and d). The model study suggests that for broadband noise stimuli, modulation 
frequencies lower than 120 Hz can provide a better tonotopic-sensitive EFRs for lower CFs. However, 
there is a possibility of contribution from higher auditory processing levels to be involved in the 
response. 
 

 
Figure 4 – Excitation patterns and modulation responses at BM (a and b) and AN (c and d) levels for different MFs. 
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ABSTRACT 

Bone conduction (BC) is another way of sound transmission for our hearing perception besides of air 

conduction. It conducts sound through skin and skull, bypassing part of the ear canal. The position where the 

vibrator is put on one’s head makes a difference in BC transmission. Although standards of bone conduction 

were established on the position of the mastoid (the prominence of the skull behind the ear), nowadays 

manufacturers favor bone-conducted headphone whose vibrator is put on the position of the condyle (the 

articular process of the ramus of the mandible bone, in front of the ear). However, there are not enough data in 

details for the condyle. In this research, hearing thresholds and ear-canal sound pressure on the condyle and 

the mastoid were measured, and a comparison between them was made to investigate the difference of BC 

transmission between the two positions, followed by a discussion on the influence of placement on bone 

conduction. 

Keywords: Bone conduction, Mastoid, Condyle 

1. INTRODUCTION 

Bone conduction (BC) is the conduction of sound by human’s skin and skull (1). It is difficult to 

estimate the frequency characteristics of BC since many linear and nonlinear mechanisms are involved 

in the BC transmission(2), and various factors affect people’s hearing perception of BC, such as the 

static force added to vibrators or different placements of a vibrator on one’s head. There is prior 

research which has studied the influence of placements on three positions: the forehead, the mastoid, 

and the vertex (3, 4). They showed that if a vibrator is put on the mastoid, the lowest mean thresholds 

could be obtained. This discovery makes the positions of the mastoid become a normal position used in 

BC measurements, especially for testing of BC hearing aids. Standards of bone conduction 

measurements also were established on the basement of the mastoid by radioear B-71. Nevertheless, 

with the development of investigation of BC, manufacturers of BC headphones who tend to place the  

bone-conducted vibrator on the position of the mandibular condyle increasingly appeared because of a 

better design for easily using. Compared to the position of the mastoid which was studied for several 

years and almost became the basis for standards, there are not enough data of the condyle. In 2008, Mc 

Bride (5) used a bone-conducted vibrator Oticon 20 to make a comparison of the perception 

performance among different locations on people’s head, such as the condyle, the mastoid, the 

forehead, the vertex and other positions which were commonly measured for electroencephalograph. It 

showed the vibrator on the condyle generated the lowest overall threshold levels in their experiments. 

Additionally, speech intelligibility of bone conduction transducer was studied (6, 7), but it is still 

controversial that if significant differences in performance between the mastoid and the condyle exist 

or not. Since it is unclear that where should be the best position for placing a bone-conducted vibrator, 

and there are not enough data of the condyle, it is necessary to investigate characteristics of 

bone-conducted transmission on this position. In this paper, hearing thresholds and ear-canal sound 

pressure (ECSP) of bone conduction on the condyle and the mastoid were measured by using radioear 

B-71 which is a bone transducer used as a reference in international standards such as ISO 389 (8). By 

comparing the data of the two positions, the influence of placements on bone-conducted transmission 

was investigated, and the difference between conditions with/without earplugs in the experiments was 

also discussed.  

 

                                                        
1 qinxiuyuan@chiba-u.jp 
2 Otsuka.@chiba-u.jp 
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2. EXPERIMENT 

2.1 Fundamental Setup 

Six subjects with normal hearing (three males and three females) with an average age of 22 years 

participated in the threshold measurements. Their hearing thresholds were better than 20 dB hearing 

level for AC stimulation in the frequency range of 0.125 kHz to 8 kHz.  All measurements were 

performed in an anechoic room. As stimuli, tone bursts that were sampled at 48 kHz, and had 16 -bit 

resolution with 0.5 s duration were used. In this experiment, six frequencies from 0.25 kHz to 8 kHz 

were measured. The measured bone conduction vibrator was radioear B-71. 

2.2 Hearing threshold measurement 

Each subject was equipped with a headband for fixing the bone-conducted vibrator, and the static 

force was controlled to about 3±0.5 N. Since bone-conducted transmission will be influenced by air 

conduction (AC), which is leaked from vibration, the condition whether subjects' ear canals are open 

or not becomes integral to BC threshold measurements. In this experiment, both open-canal and 

occluded-canal conditions were measured. Subjects were required to use earplugs to block their ear 

canal when the data on an occluded condition need to be measured. On both two conditions, the 

threshold on the condyle and the mastoid were measured in order to estimate the influence from 

placements of the bone-conducted vibrator. 

For obtaining the BC thresholds, an adaptive method was used. The estimation was made by a 

three-alternative forced choice and a two-down one-up method (9). Subjects were given three options 

in a sequence and asked to choose which of them was indicated as a pure tone stimulus.  

2.3 Ear-canal sound pressure measurement 

Ear-canal sound pressures were measured using probe microphones (ER-7C, Etymotic Research). 

Subjects were also required to use earplugs to block their ear canal when the data on an occluded 

condition need to be measured. On both two conditions, the ear-canal sound pressure on the condyle 

and the mastoid were measured in order to estimate the influence from placements of the 

bone-conducted vibrator. The settings of stimuli were the same as the measurements of BC hearing 

threshold. 

3. RESULTS 

3.1 Hearing threshold 

Figure 1 shows the average results of hearing threshold measurement of bone conduction. The 

horizontal axis represents frequency, and the vertical axis is the relative level of hearing threshold 

referring to interior voltage in MATLAB. When the measured vibrator is put on the condyle, the lowest 

thresholds were found at 1 kHz both on the open-canal condition and the occluded-canal condition, 

and the thresholds were descending from 0.25 kHz to 1 kHz while the thresholds were ascending above 

1 kHz. About the difference between open and occluded condition on the condyle, at 0.25 kHz the 

threshold on an occluded condition was lower than it was on open condition but from 4 kHz to 8 kHz 

the threshold on an open condition became lower. It shows the difference between open and occluded 

condition on the condyle depends on the change of frequency. 

The influence of earplugs insertion also appeared on the mastoid. When the measured vibrator is 

put on the mastoid, the lowest threshold was found at 1 kHz when the ear canals were occluded but 

when the ear canals were open the lowest threshold was at 4 kHz. It was similar with the frequency 

characteristics on the condyle, which shows a decreasing threshold below 1 kHz and a reversing 

tendency above 1 kHz on the occluded condition on the mastoid. About the difference between open 

and occluded condition on the mastoid, from 0.25 kHz to 2 kHz the threshold on an occluded condition 

was lower than it was on open.  

Comparing the results of the mastoid to the condyle, on the open-canal condition the thresholds 

obtained on the condyle were lower than the thresholds on the mastoid at all frequencies. AC may play 

an important role on a lower threshold of the condyle. On the occluded-canal condition, the thresholds 

obtained on the condyle were also lower than the thresholds on the mastoid from 0.5 kHz to 2 kHz. It 

shows the possibility that there are other factors besides AC which influence the BC transmission.  
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3.2 Ear-canal sound pressure 

Figure 2 shows the results of BC ECSP on the four measured conditions. The horizontal axis 

represents frequency, and the vertical axis is sound pressure level. When the vibrator was put on the 

condyle, the ear-canal sound pressure on the open condition was higher than it was on the occluded 

condition above 1 kHz. A sharp decline was observed above 1 kHz on the occluded condition, 

demonstrating an attenuation at high frequency. On the mastoid, the results of the ear-canal sound 

pressure of an open condition were lower than its occluded condition below 1 kHz. It may be caused by 

a weaker effect from AC when the vibrator was put on the mastoid.  As the comparison between the 

condyle and the mastoid, on an open condition the ear-canal sound pressure of the condyle was higher 

than it was on the mastoid while the similar results could be observed on the occluded conditions 

below 2 kHz. Nevertheless, at high frequency, the ear-canal sound pressure was higher on the mastoid. 

4. DISCUSSION 

The data showed lower threshold on the condyle on both open/occluded conditions except of 0.25 

kHz while higher ECSPs were obtained on the condyle. When a bone-conducted vibrator is put on the 

head, not only is the signal transmitted by bone conduction, a part of air conduction is al so transmitted 

through the ear canal and affects the results of thresholds. Nevertheless, because the pinna is on the  

way of signal transmission as a barrier, the influence from air conduction when vibration is reproduced 

on the mastoid will not as much as it is on the condyle, just as the results of ECSP on the condyle and 

the mastoid showed. It is not difficult to hypothesize this is one of the factors which cause  lower 

thresholds on the condyle when ear canals are open. 

When subjects use earplugs in the measurements, the thresholds on the condyle were still lower.  

 

 

Figure 1 – The hearing thresholds of the four conditions measured by B71. 

 

 

 

Figure 2 – The ECSP results of the four conditions measured by B71. 
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The results may be related to the pathways of BC transmission. BC transmission mainly includes three 

mechanisms, inertial BC, compressional BC and osseo-tympanic BC (10). The osseo-tympanic 

transmission is related to the sound radiated by the ear canal wal ls. An occluded ear canal causes an 

increase in the level of sound in the ear canal by bone conduction, called the occlusion effect. At low 

frequencies the occlusion effect will have much more effects on thresholds rather than it is at high 

frequencies (11). The results showed even though on the occluded condition, ECSPs on the condyle 

were higher than the mastoid, probably causing a lower threshold. If compared with mastoid, the 

vibrator which is put on the condyle is closer to the ear canal. When the sound signal is transmitted by 

BC, the vibrator on the condyle may transmit much more vibration on the ear canal, making a 

difference on osseo-tympanic transmission while the vibrator on the mastoid is not close enough to 

make another influence on the ear canal. It could be a possible explanation for the results that higher 

ECSPs were obtained on the condyle. 

5. CONCLUSIONS 

In conclusion, the threshold on the condyle is lower than it is on the mastoid whatever the ear canal 

is open or occluded, and the ear-canal sound pressures obtained on the condyle was higher than it was 

obtained on the mastoid when inputs at the same level were given, showing a possible explanation of 

a lower BC threshold on the condyle at low frequencies. The difference between the results of  the 

condyle and the mastoid may be caused by the prevention of pinna on the way of air-conducted 

transmission on an open condition. On an occluded condition, it may come from the difference caused 

in osseo-tympanic transmission between the condyle and the mastoid. Additionally, by the 

measurement of BC hearing threshold and ear-canal sound pressure, occlusion effect influenced more 

on the mastoid, since a larger effect from AC will compensate for the occlusion effect on the condyle. 

Although the influence caused by placement on BC transmission at low frequency was discussed, the 

influence at high frequency still needs more measurements in further experiments.  
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ABSTRACT 
Spontaneous otoacoustic emissions (SOAE) are sounds that originate from the cochlea and escape the ear. 
Computer simulation predicts that, given the typical sound pressure level of SOAE measured in the ear canal, 
the vibration on the basilar membrane should be in the audible range. The aim of this study is to find out 
whether humans can hear this vibration in quiet. Sixty-three subjects were recruited and synchronized SOAE 
(SSOAE) were found in 50 ears. These subjects were instructed to spend extra time quietly while paying 
attention to “sounds in the ear” (SinE). Next, each subject listened to five randomized tones, and was forced 
to select the one that sounded closest to the SinE. The frequencies of the tones are 88%, 94%, 100%, 106%, 
and 112% times the frequency of the largest peak in the SSOAE spectrum, respectively. If a subject has 
SSOAE in both ears, the procedure was repeated for the two ears. Results show that the five choices received 
11, 12, 8, 9, and 10 votes, respectively, so none of them was significantly higher than by chance. Hence, the 
present study falls short of supporting the theoretical prediction that SOAE is audible to the ear that emits it. 
 
Keywords: Otoacoustic Emissions, Cochlea, Spontaneous Oscillation 

1. INTRODUCTION 
Spontaneous otoacoustic emissions (SOAE) are acoustic waves coming out from the cochlea to the 

ear canal and have reportedly been found in 30-70% of human ears (1-4). Exactly how SOAE is 
generated in mammalian ears has been an issue under debate (5). In one theory, SOAE is regarded as 
a choreographed interplay between cochlear wave amplification and Bragg diffraction-like wave 
reflection (6,7). Thus, accompanying the spontaneous emission, there must be sustained standing 
waves inside the cochlea and the working principle is akin to that of a laser. In another theory, SOAE 
is explained by localized oscillation inside the cochlea without the need to couple to a global standing 
wave (8-10). The site of local oscillation is likely to be the outer hair cells (11,12). Nevertheless, 
regardless of the disagreement on the underlying theory, the fact that an ear could produce spontaneous 
emissions implies the existence of autonomous mechanical oscillation inside the cochlea. This leads 
us to question whether such autonomous vibration could be sensed by the person who has it in the ear. 
Further, if the vibration is perceptible, should the sensation be categorized as a kind of objective 
tinnitus? 

The term objective tinnitus (13) was coined before the discovery of OAE (14). A boy under age 3 
was found to produce long-lasting tones from both ears at approximately 5500 Hz and 8000 Hz, 
respectively. The tone intensities were so high that they could be heard by his parents. The research 
team (13) ruled out the possibility of “neuro-acoustic transduction from the internal ear” due to lack 
of mechanisms that would explain such transduction. The origin of the tones from the boy’s ears was 
deemed to be vascular instead. One decade later and after the discovery of click-evoked OAE (14), 
spontaneous emissions were also confirmed (15) and soon known to exist in 2/3 of normal-hearing 
ears (16). It was once hoped that SOAE would provide a physical explanation of tinnitus; however, 
investigations on whether tinnitus pitch coincided with SOAE frequencies yielded mixed results (17).  

In the light of recent theoretical progress on the understanding of SOAE, we sought to re-
investigate whether one can hear his own autonomous cochlear vibration if one’s ear produces 
spontaneous emission. SOAE frequencies were measured, and the subjects were asked to stay in the 
sound booth quietly and pay attention to ringing “sound in the ear” (SinE), if there was any. Afterwards, 
while the memory was still afresh, they listened to a series of 5 tones and selected the one that sounded 
the most similar to the SinE. While one of the tones was exactly at the frequency of the largest peak 
in the subject’s synchronized OAE (SSOAE) spectrum, we aimed to see if that one tone would receive 
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more votes than other tones. The rest of this paper is organized as follows. Section 2 describes subject 
recruiting, OAE measurement, and the design of the psychoacoustical experiment. Results and 
discussions are given in Sec. 3; particularly, a comparison to computer simulation is also given. 
Section 4 concludes this paper and points to future research directions. 
 

2. METHODS 

2.1 Subjects and OAE measurements 
Sixty-six subjects (32 male and 34 female) of age 20 to 29 years were recruited to participate in 

the study. For some technical reasons we decided to measure spontaneous OAE in the click-stimulated 
manner. The peak sound pressure level of the click was about 74 dB relative to 20 uPa. Click-evoked 
OAE was measured from both ears for each subject in a sound booth. The click was presented every 
59 ms for about three minutes, and the total number of clicks was 3000 for each ear. The ER-10C 
probe (Etymotic Research Inc., Elkgrove Village, IL, USA) was used for recording the acoustic 
responses in the ear canal. A 24-bit UltraLite-mk3 Hybrid external sound card (MOTU, Cambridge, 
MA, USA) was used for analog-to-digital (A/D) and digital-to-analog (D/A) conversion. The sampling 
rate was set to 44.1 kHz.  

In this paper, the first 20 ms of the response is regarded as the transient-evoked (TE) OAE and any 
signal that remains prominent after 20 ms is regarded as the synchronized SOAE (SSOAE). The click 
responses contaminated by artifacts were excluded first, and TEOAE and the SSOAE part of the signal 
was extracted by averaging the remaining click responses to improve the signal-to-noise ratio (SNR). 
The artifact rejection criterion was the same as described by Liu et al. (18). Figure 1 shows two 
different ways to visualize the resulting estimate of the OAE signals from a typical subject; by 
inspection, this subject produced SSOAE in both ears with multiple frequencies. The frequency of the 
largest peak was manually saved for further exploration in the psychoacoustic part of this research. 

 
Figure 1 – An example of a subject producing SSOAE in both ears. A and B: 
the magnitude spectrum of SSOAE for the left ear and the right ear, respectively. 
C and D: the same SSOAE signal from the left and the right ear, respectively. 
The signal is visualized in the time-frequency plane via a nonlinear signal 
modeling technique called conceFT (19,20). 

2.2 Psychoacoustic experiments 
Before starting the SSOAE measurement, the subjects completed a questionnaire in which they were 
asked to recall if there had been any incidence of “feeling a sound generated inside the ear”; 19 out 
of 63 responded with a positive answer. Most of them freely described that the sound was at a high 
frequency and they had heard it in a quiet environment.  

After measuring the SSOAEs but without revealing the results to the subjects, they were instructed 
to stay in the sound booth for 3 minutes. The ER10C earphone remained inserted in the ear canal. The 
subjects were told that, during the 3 minutes, the earphone would play no sound and their task was to 
pay attention to any faint ringing sound in the ear (SinE) and be familiarized with the pitch of the 
sound. The subjects were told that, if they could not hear any SinE, they could please stay in the booth. 
However, they were also informed that they could terminate the experiment whenever they did not 
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wish to continue. 
After the three minutes ended, a sequence of 5 single tones would be played through the ear phone 

to the ear. If the ear had SSOAE, the frequencies of the 5 tones would be 88%, 94%, 100%, 106%, 
and 112% times the frequency of the ear’s largest SSOAE peak but the order was randomized. If the 
ear did not have SSOAE, the 5 tones were 880, 940, 1000, 1060, and 1120 Hz, also in a randomized 
order. In either case, the subject was asked to determine which of the 5 tones sounded most familiar 
or similar to the SinE.  

Out of the 66 subjects, 63 were able to complete the experiment and answer the question for both 
ears. One subject made more than one choice and another one could not make any choice. Yet another 
subject could not complete the experiment due to influence by tinnitus based on self-report. Their data 
are excluded from further analyses. 

The measurement of SSOAE and the psychoacoustic experiment were approved by the IRB of 
National Tsing Hua University under Record Number 10706HE044. 

 

Table 1 – frequency distribution of largest SSOAE spectral peaks for different group of ears. The numbers 

of subjects are 32 male and 34 female. For each subject, both ears were measured. 

Source 1-2 kHz 2-3 kHz 3-4 kHz 4-7 kHz 

Female, Right ears 5 8 5 1 

Male, Right ears 3 4 5 1 

Female, Left ears 4 2 3 3 

Male, Left ears 1 4 0 1 

Total 13 18 13 7 
 

3. RESULTS AND DISCUSSIONS 

3.1 Spontaneous emissions and the psychoacoustic experiment 
We judged whether an ear produced SSOAE by inspecting the conceFT plot (as in Fig. 1). If the 

conceFT plot has prominent horizontal traces in the interval of 20 to 50 ms, the ear is regarded as 
producing SSOAEs. Based on this definition, SSOAEs were found in 15/32 male and 19/34 female 
subjects. Among them, 5 male and 12 female subjects had SSOAEs in both ears. SSOAEs were found 
more often in the right ears than the left ears; 7/15 male subjects had SSOAE in the left ear and 13/15 
had it in the right ear; to compare, 12/19 female subjects had SSOAE in the left ear while all 19/19 
had it in the right ear. The gender (female > male) and lateral (right > left) differences in the prevalence 
of SOAE both agree with findings in the literature (1-3). 

To evaluate the recording quality, an SNR was estimated for each ear. While the true OAE signal 
was estimated by averaging, the noise floor was estimated by calculating the energy of the following 
signal (21), 

𝑓"#$%&(𝑡) = {𝑓,(𝑡) − 𝑓.(𝑡) + ⋯+ (−1)23,𝑓2(𝑡)}/𝑁, (1) 
where 𝑓8(𝑡)  denotes the response to the 𝑗 th click, and 𝑁  denotes the number of clicks in the 
recording session. Then, the SNR was defined as the energy ratio of the average signal to the energy 
of 𝑓"#$%&(𝑡) in the interval of 20 to 50 ms. The mean SNR, calculated after artifact rejection and signal 
averaging, was 12.5 dB in all ears that produced SSOAE. To compare, the mean SNR was 4.8 dB in 
ears that do not exhibit prominent SSOAE traces in the conceFT plot. 

For every ear that produced SSOAE, the location of largest spectral peak was recorded. All such 
peaks occurred between 1.0 to 7.0 kHz. By breaking into frequency bands, the counts of the peaks are 
listed in Table 1. The 2-3 kHz band turned out to be most likely for large SSOAEs to occur. 

Results of the psychoacoustic experiment do not seem to suggest any familiarity of the SSOAE 
frequency by the subject who produces it. Among the two ears of the 63 subjects who completed the 
psychoacoustic experiment, 50 ears (39.7%) possessed SSOAE and 76 ears (60.3%) did not. The 
SSOAE from those 50 ears, when presented back to the ear at the frequency of its largest peak, did 
not sound particularly alike the SinE that the subject tried to pay attention and memorize; only in 8 
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out of 50 times, the subjects picked the SSOAE frequency to be the most similar to SinE. The other 
four choices received 10, 12, 9, and 10 votes, respectively (in the order of ascending frequency). Thus, 
the present results did not suggest that humans could hear one’s own SOAE. 

To compare, for the 76 ears that did not have SSOAE, the subjects picked the tones at 880, 940, 
1000, 1060, and 1120 Hz as most alike their SinE for 15, 11, 18, 13, and 19 times, respectively. 

3.2 Comparison to Computer Simulation 
A cochlear mechanics model was adopted for computer simulation of spontaneous emission. The 

model is based on transmission line equations that describe passive wave propagation in the cochlea, 
and the equations couple to an active module describing the somatic motility in the outer hair cell 
(22). With 3.0% roughness in the mass of the basilar membrane, Wu and Liu (20) reported that the 
model could produce coherent reflection (23) and TEOAE. Here, the degree of roughness was further 
increased to 5.0%. A stronger coherent reflection can be expected, and if the round-trip gain is greater 
than one, the model should generate sustained oscillation based on the global standing-wave theory 
of SOAE (6). 

 

 
Figure 2 – An example of click-evoked autonomous vibration in the cochlea by simulation. 

Reticular-lamina (RL) displacement is plotted as a function of time in 12 locations in 0.1 

cm steps from the stapes into the model cochlea. 
 

It turns out that 5.0% roughness is sufficiently high to cause sustained vibration in the model. 
Figure 2 shows the intra-cochlear vibration triggered by a click in the ear canal. Note that near 0.9 cm 
from the stapes, the RL keeps vibrating during the entire 20 ms. Note that the sustained amplitude of 
the vibration at 0.9 cm is about 1.0 nm, which corresponds to the magnitude of vibration that a pure 
tone of a similar frequency at 20-30 dB SPL would cause at its best place in the cochlear (Ref. 22, 
Fig. 4). In a longer simulation, the vibration amplitude is stable and sustains further to at least 800 ms 
after the click. This agrees with early experimental findings in click-evoked OAE from human ears 
(24). During the same time course (after the TEOAE has already attenuated), the ear-canal sound 
pressure level is about 8.2	𝜇Pa (peak level), or −10.7 dB SPL, and the SSOAE frequency is 5.2 kHz 
for this simulation. Note that the amplitude and frequency are both typical of SSOAEs recorded from 
human ears. To summarize, the computer simulation suggests that if spontaneous emission is at the 
−10 dB SPL range when it travels back to the ear canal, the corresponding autonomous vibration in 
the cochlea would be as loud as a 20-30 dB tone.  

 

3.3 General Discussions 
On hindsight, a few factors and short-comings of the experimental design might explain the results 

we obtained from the present psychoacoustic experiment.  
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Ø First, the SSOAE frequency might not be exactly equal to the SOAE frequency (25). 
Ø The SOAE spectrum tend to contain multiple peaks (10); therefore, presenting only the largest 

spectral peak might not sound similar to the combination of all prominent components.  
Ø The subjects might not be musically capable of remembering the pitch of a sequence of tones 

that were separated apart by 6% in frequency. Note that 6% corresponds approximately to a 
semitone distance. 

Ø Presently we test the two ears separately but the percept of SinE might not be lateral. 
Quite peculiarly, even though only 19 in 63 subjects reportedly had felt SinE prior to their 

participation in this study, almost all subjects were able to complete the psychoacoustic tests with no 
hesitation. It is not clear whether the subjects had heard SinE with confidence during those three quiet 
minutes in the soundbooth, or they just did not mind to complete the psychoacoustic test and ended 
up guessing randomly most of the times. While the present results seem to suggest random guessing, 
nevertheless, it is possible that the SinE sensation was real but its percept did not correlate well with 
the frequency of the SOAEs (17). There are two possible ways to explain this lack of correlation. First, 
SOAE and the autonomous vibration in the cochlea might be so stable that the auditory nerves have 
adapted and been desensitized to it (16) unless the frequency somehow changes momentarily. 
Secondly, SinE is a percept due to electrical oscillation in the more central part of the auditory pathway. 
If the second explanation is right, then the present results suggest that most subjects in this group had 
a mild degree of subjective tinnitus that they could become aware of when they stay quiet for three 
minutes. Fortunately, none of the subjects were bothered by the SinE.  

4. CONCLUSIONS 
By recording SSOAE from ears and playing the frequency of the largest spectral peak back to the 

subjects, we did not find the subjects to be particularly familiar to the tones. Even though they were 
given a 3-minute period to pay attention to SinE, the present results, like in the literature, did not 
support a clear correlation between the SinE pitch and the most prominent SOAE frequency. While 
the present SSOAE measurement seemed robust from various perspectives, it may take a more 
sophisticated psychoacoustical experiment design in the future, to answer whether the cochlea has any 
contribution to the SinE “feeling” described in this study.  

 

ACKNOWLEDGEMENTS 
This research is supported by Taiwan’s Ministry of Science and Technology under Grant No. 107-
2221-E-007-093-MY2. 

REFERENCES 
1. Talmadge CL, Long GR, Murphy WJ, Tubis A. New off-line method for detecting spontaneous 

otoacoustic emissions in human subjects. Hear Res. 1993; 71:170-182. 
2. Penner MJ, Zhang T. Prevalence of spontaneous otoacoustic emissions in adults revisited. Hear Res. 1997; 

103(1-2):28-34. 
3. Jedrzejczak WW, Blinowska KJ, Kochanek K, Skarzynski H. Synchronized spontaneous otoacoustic 

emissions analyzed in a time-frequency domain. J Acoust Soc Am. 2008; 124(6):3720-3729. 
4. Bergevin C, Manley GA, Köppl C. Salient features of otoacoustic emissions are common across tetrapod 

groups and suggest shared properties of generation mechanisms. Proc Natl Acad Sci. 2015; 112(11):3362-
3367. 

5. Wit HP, van Dijk P. Are human spontaneous otoacoustic emissions generated by a chain of coupled 
nonlinear oscillators? J Acoust Soc Am. 2012; 132(2):918-926. 

6. Shera CA. Mammalian spontaneous otoacoustic emissions are mplitude-stabilized cochlear standing 
waves. J Acoust Soc Am. 2003; 114:244-262. 

7. Shera CA, Guinan JJ. Evoked otoacoustic emissions arise by two fundamentally different mechanisms: A 
taxonomy for mammalian OAEs. J Acoust Soc Am. 1999; 105(2):782–798.  

8. Johannesma PIM. Narrow band filters and active resonators. Comments on papers by DT Kemp and RM 
Chum, and HP Wit and RJ Ritsma. In: van den Brink G and Bilsen FA, editors. Psychophysical, 
Physiological and Behavioural Studies in Hearing. Delft, the Netherlands: Delft University Press; 1980. 
p. 62-63. 

9. Bialek W, Wit HP. Quantum limit to oscillator stability: Theory and experiments on acoustic emissions 

6527



 

 

from the human ear. Phys Lett. 1984; 104A:173-178. 
10. Braun M. High-multiple spontaneous otoacoustic emissions confirm theory of local tuned oscillators. 

SpringerPlus. 2013; 2(1):135. 
11. Dallos P, Zheng J, Cheatham MA. Prestin and the cochlear amplifier. J Physiol. 2006; 576(Pt 1):37-42. 
12. Salvi JD, Ó Maoiléidigh D, Fabella BA, Tobin M, Hudspeth AJ. Control of a hair bundle’s 

mechanosensory function by its mechanical load. Proc Nat Acad Sci. 2015; 112(9):E1000-E1009. 
13. Glanville JD, Coles RRA, Sullivan BM. A famly with high-tonal objective tinnitus. J Laryngol Otol. 1971; 

85(1):1-10. 
14. Kemp DT. Stimulated acoustic emissions from within the human auditory system. J Acoust Soc Am. 

1978; 64(5):1386-1391. 
15. Zurek PM. Spontaneous narrowband acoustic signals emitted by human ears. J Acoust Soc Am. 1981; 

69:514-523. 
16. McFadden D, Wightman FL. Audition: Some relations between normal and pathological hearing. Annu 

Rev Psychol. 1983; 34:95-128. 
17. Wilson JP, Sutton GJ. Acoustic correlates of tonal tinnitus. In: Tinnitus, Ciba Found Symp. London: 

Pitman; 1981. 85:82-107. 
18. Liu TC, Wu HT, Chen YH, Chen YH, Fang TY, Wang PC, Liu YW. Analysis of click-evoked otoacoustic 

emissions by concentration of frequency and time: Preliminary results from normal hearing and Ménière’s 
disease ears. In: Bergevin C, Puria S, editors. To the Ear and Back Again - Advances in Auditory Biophysics. 
(Proc. 13th Mechanics of Hearing Workshop). Am Inst Physics Conf Proc. 2017; 1965(1):170005. 

19. Daubechies I, Wang YG, Wu HT. ConceFT: concentration of frequency and time via a multitapered 
synchrosqueezed transform. Phil Trans R Soc A. 2016; 374:2065. 

20. Wu HT, Liu YW, Analyzing transient-evoked otoacoustic emissions by concentration of frequency and 
time. J Acoust Soc Am. 2018; 144(1):448-466. 

21. Prieve BA, Gorga MP, Schmidt A, Neely S, Peters J, Schultes L, Jesteadt W. Analysis of transient-evoked 
otoacoustic emissions in normal-hearing and hearing-impaired ears. J Acoust Soc Am. 1993;93(6):3308-
3319. 

22. Liu YW, Neely ST. Distortion-product emissions from a cochlear model with nonlinear mechanoelectrical 
transduction in outer hair cells. J Acoust Soc Am. 2010; 127:2420-2432. 

23. Zweig G, Shera CA. The origin of periodicity in the spectrum of evoked otoacoustic emissions. J Acoust 
Soc Am. 1995; 98:2018-2047.  

24. Wit HP, Ritsma RJ. Evoked acoustical responses from the human ear: Some experimental results. Hear 
Res. 1980; 2(3-4):253-261. 

25. Wilson JP. Evidence for a cochlear origin for acoustic re-emissions, threshold fine-structure and tonal 
tinnitus. Hear Res. 1980; 2(3-4):233-252. 

 

6528



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Assessment of adjustment to electrical threshold (T) level and 
electrical stimulation rate on intensity discrimination and amplitude 

modulation detection at soft presentation level in adult CI users 

Terry B NUNN1 Tim GREEN2; Dan JIANG3; Patrick BOYLE4; Deborah A VICKERS5,2 

1 Ear Institute, University College London, UK 
2 Department of Speech Hearing and Phonetic Sciences, University College London, UK  

3Guy’s & St Thomas’ NHS Trust, UK  
4Advanced Bionics, Germany 

5 Department Clinical Neuroscience, Cambridge University, UK 

 

ABSTRACT 
A pilot study was conducted to evaluate the influence of electrical stimulation rate and the setting of electrical 
threshold (T) level on intensity difference limens (IDLs) and amplitude modulation (AM) perception. 
Participants were ten adult experienced Advanced Bionics cochlear implant (CI) users. The frequency of 
acoustic sinusoidal stimuli was set at 1076Hz with the intention of stimulating intra-cochlear electrode 7 of 
the 16 electrode array. Nine experimental maps were created with T levels set at: the threshold of audibility; a 
level perceived as ‘very soft’ and 10% of the level judged to produce ‘most comfortable loudness’. Rates of 
electrical stimulation were 905, 1811 and 2750 pulses-per-second (pps). Adaptive 2I-2AFC IDL and AM 
perception tasks were presented via headphones at soft presentation levels (approximately 50dBSPL). The 
influence of T Level and stimulation rate adjustments on IDL and AM perception have been explored with 
the intention of understanding the impact of altering individual parameter settings to optimise detection of 
acoustic cues at low presentation levels. 
 
Keywords: Cochlear Implant, Amplitude Modulation   

1. INTRODUCTION 
Cochlear implant (CI) users often show poorer speech perception at low intensity levels (Donaldson et al. 

2009; Boyle et al. 2013). Very little is understood about the influence of sound processor fitting parameters 
on the discrimination of low intensity acoustic cues.  

CIs transduce an input acoustic signal to an output electrical signal delivered to the hearing nerve via an 
intra-cochlear electrode. For the Advanced Bionics CI system, the intra-cochlear electrode has 16 electrical 
contacts or channels, that encode low frequencies at the apex and high frequencies at the base of the cochlea, 
analogous to the natural tonotopic organization. When all 16 individual channels are active, each has a fixed 
bandwidth, with a centre frequency at 383Hz for channel 1 up to 6665Hz for channel 16.  

The extracted acoustic energy within each channel is rectified, and low-pass filtered extracting the 
envelope information. The envelope is used to amplitude modulate the biphasic electrical pulse trains 
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delivered to the associated electrical contact. For CI users this envelope information is crucial for delivering 
speech information (Smith et al. 2002) and it has been demonstrated that poor AM detection is associated 
with poor speech understanding (Garadat et al. 2013). 

Based on patient loudness judgements each electrode is configured to have a maximum current level 
equivalent to a perception of ‘most comfortable’ loudness, termed the (M) level, and a minimum current level, 
termed the threshold or (T) level, which by default for the Advanced Bionics device is set to 10% of M level. 
This range is the electrical dynamic range (EDR).  

This pilot study evaluated three clinical methods for setting T level and used three electrical stimulation 
rates which span a range commonly offered within clinical practice. The pilot aimed to determine the best 
approach for setting the T level and the effect of electrical stimulation rate on amplitude modulation (AM) 
perception and intensity difference limens (IDL). The effect of electrical stimulation rate upon speech 
perception has been explored (Arora et al. 2011, Battmer et al. 2010, Bonnett et al. 2012, Buechner et al. 2010, 
Shannon et al. 2011) with a consensus that optimal stimulation rate varies on an individual basis, for speech 
presented between 60 to 70dBSPL. However, there is a limited understanding of the influence of stimulation 
rate on cues for speech perception presented at soft intensity. AM was selected as this has been demonstrated 
to correlate with speech perception (De Ruiter et al., 2015, Gnansia et al., 2014, Won et al., 2011) and AM 
detection has been shown to improve at lower electrical stimulation rates (Fraser and McKay, 2012; Green et 
al. 2012; Pfingst et al. 2007) when tested at moderate intensity, 60 to 70dBSPL. The effects of stimulation 
rate and different methods for setting T level on intensity discrimination and perception of AM were assessed 
using acoustic stimuli presented at soft intensity.   

2. METHODS 

2.1 Participants 
Ten post-lingually deafened adult CI users were recruited from St Thomas’ Hearing Implant Centre. 

Ethical approval was obtained from Health Research Authority (IRAS number 236017). Participants 
met the following criteria    

Inclusion criteria:  
• Over 18 years of age 
• Full intra-cochlear electrode insertion 
• Users of the Hi-focus 90K or later Advanced Bionics implant system 
• Post implant activation experience of more than 9 months 
• Post lingual onset of severe/ profound bilateral hearing loss 

Exclusion criteria: 
• Degenerative neurological diseases or other aetiologies that would limit attendance 
• English not first language  
• Unable to accurately make the loudness judgements used when setting the M and T levels, 

standard to cochlear implant programming 
Two bilateral users had both ears tested. Eight participants completed tests in one single session 

lasting 2½ hours. Two required an additional ½ hour session. Participant demographic details are in 
Table 1. 

 
Table 1 Relevant information about study participants 

Participant Ear Gender Aetiology Age 
(years) 

Duration 
profound 
deafness 
(years) 

Device Surgery 
(year) 

Clinical 
speech 
strategy 

Clinical 
IDR 

Clinical 
rate 

(pulses-
per-sec

ond) 

S001 
Right 

Male Otosclerosis 71 
30 HRHiFocus 1J 2005 

HiResS 
Fidelity 

120 
60 3712 

Left 15 HRHiFocus 1J 2008 
HiResS 
Fidelity 

120 
60 3712 

S004 Right Female Unknown 75 7 HRHiFocusMS 2014 HiRes 
OptimaS 70 2062 

S005 Right Male CLL 60 1 HRHiFocusMS 2017 HiRes 
OptimaS 60 3375 

S006 Right Male Unknown 52 8 HRHiFocusMS 2015 HiRes 
OptimaS 70 3535 
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S007 
Right 

Female Ushers 
Type III 76 

11 HRHiFocus1J 2011 
HiResS 
Fidelity 

120 
75 3712 

Left 9 HRHiFocus1J 2009 
HiResS 
Fidelity 

120 
75 3712 

S008 Left Female Unknown 60 1 HRHiFocusMS 2014 HiRes 
OptimaS 70 2855 

S009 Right Male NIHL 69 4 HRHiFocusMS 2017 HiResS 
Fidelity120 70 3712 

S010 Right Male Unknown 42 3 HRHiFocusMS 2015 HiRes 
OptimaS 70 2475 

S011 Left Male Unknown 37 8 HRHIFocus1J 2011 HiResS 
Fidelity120 70 2320 

S012 Right Female Meningitis 54 12 HRHiFocus1J 2007 HiResS 
Fidelity120 60 1904 

 

2.2 Equipment 
Participants used a dedicated Naida Q90 speech processor during testing. It was programmed using 

SoundWave 3.1 software (version 3.1.18) operating on a standard clinical fitting station. Nine 
experimental maps were created, which comprised T levels set at: the threshold of audibility; a level 
perceived as ‘very soft’, and 10% of the level judged to produce ‘most comfortable loudness’, 
factorially combined with three rates of electrical stimulation: 905, 1811 and 2750 pulses-per-second. 
Standard psychophysical measurement of loudness, using a ten-step loudness scaling chart was 
adopted; this was familiar to all participants as it is common clinical practice. All measurements were 
completed by stimulating channel 7, which occupies a mid-cochlear position in a fully inserted 
electrode array with a centre frequency of 1076Hz.  

M level was measured using an ascending electrical current presentation to achieve perceptual 
response of ‘loud, but comfortable’ before descending to achieve a current level providing a perception 
of ‘most comfortable’ loudness. T level was set in a descending electrical current presentation and 
marked as the last audible level before inaudibility. Finally, using an ascending presentation, a current 
level providing a perception of ‘very soft’ loudness was recorded. 

Stimulus presentation and response acquisition were controlled via a MATLAB script. An adaptive 
2I-2AFC procedure with feedback for both AM and IDL measurements was used with sinusoids of 
1076Hz. Stimuli were presented through Sennheiser HD-414 headphones and all participants used a 
medium T-mic input microphone, placed in the pinna. For the IDL measurements the respondents had 
to say which of the two stimuli presented were ‘louder’ for a fixed reference level of 48dB SPL. A 
2-down 1-up adaptive procedure tracking the 71% threshold was used. An initial step size of 4 dB was 
reduced to 1 dB with a maximum of 6 reversals or 30 trials. IDL was calculated as the mean of levels 
at the smallest step size. The AM perception task was adapted from a technique developed by Moore et 
al, (2017). Two successive carrier bursts each lasting 2 seconds were presented with one modulated at 
an AM rate of 4 Hz and one modulated at 8 Hz AM rate. A 2-down 1-up adaptive procedure tracking 
the 71% threshold was used. The threshold modulation depth at which the listener could discriminate 
the difference in modulation rate was defined for the average of the last four reversals and calculated 
as geometric mean.  

 
Each participant completed two practice runs, before completing a single run for each of the nine test 
conditions described in Table 2. For this pilot phase the test order was the same for all but two 
participants. Experimental maps were created and loaded to a research sound processor in the 
numerical bracketed order indicated in Table 2. The order in which different methods for setting T 
level were implemented was different to control, to some extent, for order effects. In two participants 
(S11 and S12) the order of rate of stimulation was reversed. Participants had all parameter settings 
other than T level setting and stimulation rate configured to those used within their standard clinical 
sound processing map. Participants with ‘Clear Voice’ activated in their standard clinical sound 
processing map had this implemented in the test map. ‘Clear voice’ is an input noise cancelling 
algorithm, however at the low presentation levels used, the algorithm would not have been active and 
consequently would not have had an effect.  
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Table 2 – Indicates the test order by number in brackets  

  
For each participant, AM measurements were completed before the IDL tests with a short break in 

between. The responses from three participants, S006, S008 and S009 have been excluded from 
analysis. Participant S006 and S009 already had their T levels set above 10% of M level within their 
clinical program and consequently both found stimuli inaudible with T level at 10% of M level. S008 
was unable to perform the AM task in any condition and more thorough review of the clinical history 
and electrophysiological measurements revealed that the individual might have auditory neuropathy 
(AN). Participants S001 (right ear) and S005 were unable to complete the AM test sequence on the first 
test date and have been unable to attend for initial follow up dates.    
 

3. RESULTS 
Preliminary findings and trends for exploration in future work are reported. Figure 1 shows IDLs 

for the three methods of T level setting and three stimulation rates. Responses from nine ears and seven 
participants indicate marked variability with poorer IDLs as rate of stimulation increased from 905 to 
1811pps, but not for 2750pps. T levels set at ‘very soft’ had the smallest EDRs and consequently 
provided a higher current to represent low intensity acoustic inputs, which when coupled with the 
lowest rate of stimulation (905pps) resulted in reduced variability and improved IDL.         

 
A two-way repeated measures ANOVA was performed on IDL data with factors of rate of 

stimulation (3 rates) and T level setting (three approaches). . There was no significant effect of either 
stimulation rate [F(2,16) = 1.065, p = 0.368, partial ƞ2=0.12] or method of T level setting [F(2,16) = 
0.861, p = 0.413, partial ƞ2=0.10], and there was no significant interaction [F(4,32) = 2.551, p = 0.94, 
partial ƞ2=0.25]. 
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Figure 1 - IDL for stimulation rate as a function of T level by stimulation rate. Boxes indicate 25th and 75th 

quartile, whiskers indicate the range. Lower IDL values indicate improved ability.  

 
Figure 2 shows AM responses for the three stimulation rates as a function of method of T level setting. 

Responses from seven ears and six participants were used, and the results showed great variability with no 
discernable pattern for changing T level approach or stimulation rate. However, there could be a trend for 
higher rates of stimulation to have a higher geometric mean score for the perceptual T levels and the ‘very 
soft’ T level setting.   

The ANOVA revealed no significant effect for stimulation rate [F(2,12) = 3.793, p = 0.064, partial 
ƞ2=0.39], no significant effect of method of T level setting [F(2,12) = 0.116, p = 0.862, partial ƞ2=0.02], and 
no significant interaction [F(5,24) = 1.944, p = 0.18, partial ƞ2=0.25].  
 

       

 
 

Figure 2 – AM at 48dBSPL by setting of electrical thresholds T level and stimulation rate. Boxes indicate 

25th and 75th quartile, whiskers indicate the range. Lower AM values indicates improved ability. 

 
To prevent vetting participants within the main study arm who were observed to have difficulty 

providing responses in the pilot test phase, the following exclusions within selection criteria will be 
added.  

(i) Clinical indicators of AN 
(ii) Only include individuals using T levels automatically set at 10% M level     
 
For AM rate discrimination the effect of stimulation rate was a large effect size (ƞ2=0.39), the effect 

of T level approach was a small effect size (ƞ2=0.02), and the interaction was a large effect size 
(ƞ2=0.25).  For IDL the effect sizes were large for both factors (rate, ƞ2=0.12; and T level approach, 
ƞ2=0.10) and for the interaction (ƞ2=0.24).  Using ƞ2=0.25 and a power of 0.80 for a two-way fixed 
effects ANOVA results in a sample size of 33 participants for the main study. 

4. DISCUSSION 
The study performed was a pilot intended to establish the optimal study design and power 

calculations based on IDL and AM measurements presented acoustically using ‘soft’ intensity 
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presentation levels. The low presentation levels were used here to determine if testing abilities at the 
lower end of the dynamic range is appropriate. Study participants generally reported that the IDL and 
AM measures were challenging but were understandable and could be completed for the nine 
experimental conditions in one session. In this pilot there was only one run per condi tion and in the 
main study all testing would be repeated to give two thresholds per condition.  It was decided that all 
conditions would be retained in the main study although the intention had been  to remove some 
conditions. Variability across participants made it difficult to determine the most critical trends to 
explore going forwards and consequently all conditions will be retained. To balance the study design 
across conditions and participants a latin square design will be used in the main study so mult iples of 
9 participants will be required. 

  There were a few participants who could not perform the psychophysical measures. This has 
resulted in the inclusion criteria being adjusted to include the following. Participants using a clinical 
program in which the T level was not set at 10% M level, because that is the default for AB users and 
might indicate that there were issues when setting the T levels. Participant notes will be carefully 
checked and individuals with any suspicion of AN will be excluded.  

The procedure for the IDL test was amended for the main study to track 2 down 1 up for the first and 
every subsequent presentation, which in the pilot phase had been set as a 1 down 1 up until the first 
reversal. The initial design rationale was to shorten the test time and track fewer reversals before 
reaching threshold; however following review of a sample of response plots it was apparent that the 
protocol was too brief for accurate measurement of thresholds.             

There was a large variability across participants as expected and this obviously impacts on the 
power analyses for the main study. For this pilot study there were no significant effects of approach for 
setting T level or rate of stimulation. However, this was as expected due to the small sample size.  
From Figure 1, there appears to be a trend towards improved IDLs when using a T level setting at 
perceptually ‘very soft’, which has a higher stimulus current level and a slower stimulation rate. This 
was a large sized effect and power calculations indicated that 33 participants would be required for 
statistical significance. For the AM rate discrimination task, no trends were observed for either T level 
setting or stimulation rate.  

5. CONCLUSIONS 
Experienced adult users of the Advanced Bionics CI device were able to perform the IDL and AM 

rate discrimination tasks that we used at low presentation levels. Notwithstanding the limitations due 
to sample size of the pilot study there appeared to be trend toward improved IDL response for T level 
setting at a perceptual equivalence to ‘very soft’ with a slower electrical stimulation rate and a more 
marginal trend is in the AM data for higher rates of stimulation to have a higher geometric mean score for 
the perceptual T levels and the ‘very soft’ T level setting. 

These elements will be explored further in a main study using refined measurement procedures and 
a fully balanced study design.  
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Abstract
It is well known that binaural sound localisation is largely based on cues such as the interaural time difference
(ITD), or the related interaural phase difference (IPD), and the interaural level difference (ILD). These cues
encode a location in terms of the difference between the left and right ears in both arrival time and magnitude.
In addition, the outer ear, together with the head, shoulders and torso, form direction-selective filters, whose
resonances impose direction-specific patterns into monaural spectral cues. Conventional machine systems for
sound localisation attempt to explicitly extract ITD and ILD features. An alternative approach is to estimate the
location of a source directly from the waveform arriving at each ear. In this study, we propose a novel binaural
machine system that robustly localises a speech source by implicitly extract features from the waveform that are
suitable for localisation.

Our approach differs in two important respects from previous studies. First, instead of using explicitly extracted
IPDs and ILDs as features, the proposed system uses a convolutional neural network (CNN) framework with
2-dimensional (2-D) kernels that operate directly on the phase spectrum and the magnitude spectrum of the
left and right ear signals. The convolution operations between the left and right ears extract IPD and ILD-like
features, but have better robustness, particularly in reverberant environments. Secondly, the 2-D convolution
kernels also operate along the frequency dimension, and thus allow binaural information and monaural spectral
information to be combined effectively within the same neural network architecture. The correlation-based
features extracted from both the phase spectra and the magnitude spectra are then concatenated and used as
input to fully connected neural network layers in order to map them to the corresponding source elevation. Our
evaluation shows that the proposed system is able to accurately estimate the location of a speech source, even in
challenging reverberant conditions, and substantially improves upon the performance of previous approaches.

Keywords: Binaural sound localisation, end-to-end, convolutional neural networks, raw waveform.
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ABSTRACT 
Realistically, we are rarely alone in a central position with respect to our acoustic environment, yet virtual 
sound fields are usually evaluated in this manner. Sound presentation with more than one person present 
using sound source virtualization can be useful to invoke natural behaviors in auditory research. Interaural 
time and level differences (ITDs and ILDs, respectively) were measured on a symmetric mannequin (HATS). 
Sound sources were virtualized using vector-based amplitude panning and presented from a horizontal ring 
of 24 loudspeakers. The influence of a second listener was simulated by positioning a second mannequin 
(KEMAR) along the midcoronal plane of HATS (i.e., shoulder-to-shoulder). ITDs and ILDs were measured 
with HATS centered and KEMAR 0.5-1.0 m to the right of center, or with HATS and KEMAR 0.25-0.75 m to 
the left and right of center. Results were compared to HATS alone. When HATS was centered in the sound 
field, the spatial cue distortions were small, independent of KEMAR’s position. When both listeners were 
off-center, there were substantial distortions in cues. These results confirm difficulties in virtualizing sound 
sources for listeners outside of the “sweet spot.” However, for a listener in the center, a presentation with an 
additional listener present is acceptable. 
 
Keywords: Auralization, Additional Listener, Spatial Cues, VBAP. 

1. INTRODUCTION 
In hearing research, new signal processing techniques, new hardware, and updated parameter 

settings are theorized, created and evaluated, trying to solve communication problems in everyday 
situations. This facilitates creating sound fields containing realistic, challenging elements for the 
listener, such as high background noise, high reverberation, and concomitant sound events from 
different directions. In order to evaluate new technologies committed to solving this level of 
complexity, new testing methodologies are proposed. Thus, the need for a more realistic laboratory test 
environment has increased, and so alternatives using binaural (1) methods to present sounds through 
headphones using the head-related transfer function HRTF have arisen to the hearing research. 
However, limitations in the individualized acquisition of HRTF and the reproduction via headphones 
to users of hearing aids and users of cochlear implants presents a new challenge.  It is then that the use 
of techniques for the creation of three-dimensional virtual sound environments (VSE) applied to 
psychoacoustic and audiological research is presented as an alternative  (2–4). Through a VSE it is 
possible to simulate more realistic sound scenarios, as well as to obtain an auditory measurement with 
well-controlled and repeatable parameters (5–7). Additionally, this technology allows the researcher 
to easily switch between different scenes, signal-to-noise ratio (SNR) among other settings, and to 
enable a participant to use, for example, the hearing aid itself during the test.  

Among the main virtualization methods, there is a subdivision based on three paradigms (8): 
binaural, panorama and sound field synthesis. Headphone playback resides in the binaural paradigm as 
well as filter-based crosstalk cancellation in loudspeaker reproduction, both aiming to recreate the 
sound event at ears as they were recorded. Panorama methods aim to recreate the differences in time 
and level of relative sound pressure between the ears in a sweet spot creating the impression of 
spatiality based on the sound perception of the listener. Sound field synthesis methods attempt to 
recreate the recorded or simulated sound field within the playback area. 
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However, even with the possibility of virtualization of sound fields, often the presence or 
interaction between humans is neglected in auditory evaluations, for the most part, performed by 
observing only one individual within the laboratory (9–12). The objective of this work is to study the 
behavior of the ITD and ILD parameters by including a second person inside the ring of loudspeakers. 
The vector-based amplitude panning technique was used for the virtualization of sound sources. 
Although the method paradigm is receptor dependent, the method provides an appropriate sense of 
sound localization for those with normal hearing. The performance of the method regarding hearing 
impaired people still needs to be adequately studied. 

2. METHODS 
This section will present the characterization of the test room (See Figure 1) and the methods used 

in this experiment. 
 

 
Figure 1: Test Room. 

2.1 Room and System Characterization 
The experiment was conducted in a large sound-proof audiometric booth (4.3 × 4.7 × 2.9 m; IAC 

Acoustics). An azimuthal circular array configuration of 24 loudspeakers (3.5-m diameter; 15° of 
separation; Tannoy VX6) was used. The ceiling and walls were covered with 100-mm deep acoustic 
foam wedges to reduce reflections; the floor was carpeted with a foam underlay. The AD/DA audio 
interface that was used was a Ferrofish Model A32. The loudspeakers received signals that were 
amplified by ART SLA4 amplifiers. The signal acquisition and processing were entirely through 
ITA-Toolbox (13). 

 
2.1.1 Reverberation Time 

The reverberation time (RT60) is one of the most critical objective parameters of a room. The decay 
of energy to 60 dB below peak (extrapolated from 30 dB below peak) is frequency dependent and 
provide a subjective perception of the size of the room. For a controlled environment, the values are 
fractions of seconds. The RT60 of this room in the third octave is presented in Figure 2.  

 
Figure 2: Reverberation Time (RT60) of Test Room as a function of frequency. 
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2.1.2 Early-Reflections  
To ensure that there is no influence of the environment, Recommendation ITU-R 1116-3 determines 

that the magnitude of the first reflections should be at least 10 dB below the magnitude of the direct 
sound ΔSPL ≥ 10 dB. The differences in the SPL that are determined in the environment of this work 
meet this requirement. 

2.2 Experiment 
The experiment studied how the presence of a second person within a loudspeaker ring affects the 

spatial cues of the reproduced sound field. The data were collected through a B&K TYPE 4128-C Head 
and Torso Simulator (HATS). The second listener being simultaneously tested was simulated through 
another mannequin (KEMAR; Knowles Electronics), as shown in Figure 3. The initiative to use the 
HATS instead of KEMAR to perform data measurement is based on the idea that the objective analysis 
can use the HATS symmetry as a validation point for the HATS positions.  

 

 
Figure 3: HATS (with motion-tracking crown) and KEMAR inside Test Room. 

 
Using the results for the reverberation time as presented in Section 2.1.1, the appropriate length of 

a logarithmic sweep signal was calculated as approximately four times larger than the higher value of 
RT (1.49 seconds). Also, a stop margin of 0.1 seconds was set to ensure the quality of the impulse 
responses that were obtained. The frequency range covered is from 50 Hz to 20 kHz.  

The position of the head has a significant effect on the signals that are measured. To have a reliable 
assessment of the absolute position of the HATS, its position was measured with a Vicon infra-red 
tracking system with an accuracy of 0.5 mm. The height position of the microphones in this experiment 
was 1 meter for all measurements. The first position measured used the HATS in the center, without 
interference from another obstacle inside the ring, which was taken for future comparison.  

A set of positions was proposed to study the influence of a second person inside the ring, keeping 
the test subject in the center (the sweet spot). Three different positions for the KEMAR (50, 75 and 100 
cm of separation) were measured with the HATS fixed at the center of the loudspeaker array. The data 
collected are from microphones in the HATS ears; the KEMAR was only a physical obstacle to 
simulate a person inside the ring. Figure 4a illustrates the combinations. Different positions, Figure 4b, 
maintaining a minimum separation of 50 cm between the center of the heads, were measured. The 
purpose of these positions with the HATS off-center was to identify the presence of distortions caused 
by the decentralization of the subject and the effect of the addition  of a person within the circle of 
loudspeakers as a physical obstacle to sound waves. The positioning was standardized so that the 
movement along the x-axis to the left and right directions of the dummies were annotated as negative 
and positive, respectively.  

6539



 

 

   
 (a) (b) 

Figure 4: a) Measured positions with the HATS centered and the KEMAR present in the room 
(three combinations) b) Measured positions with the HATS in different positions and the KEMAR 

present in the room (nine combinations). 

3. EXPERIMENTAL RESULTS 
The collected data were analyzed under two objective measures, the interaural time difference 

(ITD) and interaural level difference (ILD). 

3.1 HATS centered  
This configuration is intended to collect data from simulating the condition when a person is tested 

inside the ring accompanied by an actor. Using this type of setting can be useful for analyzing some 
group influences or disputes between individuals in listening researches.   

  
3.1.1 Centered ITD 

 
The ITD results were obtained after a low-pass filter (LPF) was applied. The cutoff frequency of the 

filter is 1,500 Hz since the low frequency is predominant in the human hearing concerning the ITD, 
due to phase ambiguity.  

 
                  (a)                                    (b) 

Figure 5: ITD as a function of source angle. a) HATS alone at center. b) Light blue line: HATS 
alone at center. Black line: HATS centered and KEMAR at 0.5 m to the right. Blue line: HATS centered 

and KEMAR at 0.75 m to the right. Red line: HATS centered and KEMAR at 1 m to the right 
   
In Figure 5a, the data show the results for the ITD from the first setup (HATS alone centered). The 

system presented a magnitude peak of approximately 650 microseconds corresponding to 
approximately 0.2 meters for a wave traveling at the velocity of sound propagation in the air. This 
distance is comparable to the distance between the HATS ear microphones. It is appropriate to note 
that the symmetry of the HATS is also presented in the results.   

The following settings keep the HATS in the center by varying the KEMAR position. The results 
are presented in Figure 5b. The ITD data extracted from this experiment make it possible to note that 
the second mannequin (KEMAR) has a minor impact as an obstacle on the interaural time difference in 
the HATS at the center of the loudspeaker ring. 

 
3.1.2 Centered ILD 
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The interaural level difference was computed to present the second person inclusion effect in higher 
frequencies. For the following analysis, the effect on ILD can be visualized as a difference  from the 
reference ILDs for HATS alone and centered. The ILD of the setups including the KEMAR were 
measured and then subtracted from the reference. For a complete match (no difference between ILD 
measures) all graph should be black. Figure 6 presents the differences between ILD from HATS 
centered (HC) and the setups with the combination of HATS centered plus KEMAR in each one of the 
three positions (e.g., HC+K50 to HATS centered and KEMAR at 50 cm to the right). 

 

 
Figure 6: Differences in ILD between HATS at the center and: (Top) HATS at the center plus 

KEMAR at 50 cm to the right, (Middle) HATS at the center plus KEMAR at 75 cm to the right, 
(Bottom) HATS at the center plus KEMAR at 100 cm to the right. 

3.2 HATS Off-centered 
Measurements to study the influence of off-center HATS displacement were performed in nine 

different configurations: with HATS and KEMAR independently displaced 25, 50, and 75 cm from the 
center. 
3.2.1 Off-center ITD 

 
ITD results are shown in figures 7a 7b and 8a, almost no influence of the second mannequin 

(KEMAR), even with the HATS off-center can be noted. Nevertheless, a pronounced effect appears by 
shifting out the HATS off the center, probably due to the vector-based amplitude panning process that 
was utilized to create the virtual sound sources.  

 
  (a)                                    (b) 

 
Figure 7: ITD as a function of source angle a) Light blue line: HATS alone at the center. Black line: 
HATS at -25, KEMAR at +25. Blue line: HATS at -25, KEMAR at +50. Red line: HATS at -50, 

KEMAR at +75. b) Light blue Line: HATS alone at the center. Black Line: HATS at -50, KEMAR at 
+25. Blue line: HATS at -50, KEMAR at +50. Red line: HATS at -50, KEMAR at +75. 

 
The effect is even more noticeable when the sound is coming from virtual sound sources at angles 

that are close to the front or rear (0° and 180°) directions. This effect is related to the importance of the 
sweet spot to the VBAP method since the effect is not present when the HATS is in the center of the 
ring. Figures 7a, 7b, and 8a show a growth of the difference between the on and off-center in ITDs as 
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the distance increases.  
In Figure 10b it is possible to observe more considerable distortions (sharp peaks crossing the 

reference line) in the ITD for the virtual sound sources. Such distortions increase as HATS is moved 
away from the central position.  

  
 (a) (b) 

Figure 8: ITD as a function of source angle. a) Light blue line: HATS alone, centered. Black line: 
HATS at -75, KEMAR at +25. Blue line: HATS at -75, KEMAR at +50. Red line: HATS at -50, 

KEMAR at +75. b) Light blue line: HATS alone, centered. Black line: HATS at -25, KEMAR at +25. 
Blue line: HATS at -50, KEMAR at +50. Red line: HATS at -75, KEMAR at +75. 

   
The displacement in the off-center position is represented in ITD measurements through a larger 

lobe to the HATS right ear (270°), and a sharpened lobe at the HATS left ear (90°). This effect occurs 
because the HATS is not at the center of the ring (See Figure 9b), and the angles and separations 
between the loudspeakers are modified. The effect is more evident looking at the ITD without the 
distortions that are created by the VBAP, just with real sound sources (See Figure 9a). 

   
 (a) (b) 

Figure 9: a) ITD for real (non-virtualized) sound sources as a function of source angle. Light blue 
line: HATS alone, centered. Black line: HATS at -25, KEMAR at +25. Blue line: HATS at -50, 

KEMAR at +50. Red line: HATS at -75, KEMAR at +75. b) HATS off-center position -75 cm scheme 
facing the third loudspeaker 

   
3.2.2 Off-center ILD 

 
Differences in ILD between HATS alone in the center and a configuration with HATS off-center 

and KEMAR also inside the ring are presented in Figures 15a, 15b. The purpose of this comparison is 
to study the influence in ILD when the HATS is off-center. 
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a)                                              b) 

Figure 15: Differences in the ILD between centered setup and off-center setups: a) HATS at 25 cm 
to the left with: KEMAR at 25 cm to the right (top); KEMAR at 50 cm to the right (middle); KEMAR 
75 cm to the right (bottom). b) HATS at 50 cm to the left with: KEMAR at 25 cm to the right (top); 

KEMAR at 50 cm to the right (middle); KEMAR 75 cm to the right (bottom). 
 
Even at best measured off-center setup (HATS at -25 cm and KEMAR at +25 cm), the difference to 

the ILD results from the centered HATS presents significant differences that can be interpreted as 
distortions. In the analysis of the acoustic field behavior outside the center of the ring at frequencies 
above 1 kHz, significant differences are found in all measured configurations.  

It is possible to notice a decrease in ILD differences generated by acoustic shadowing caused by 
KEMAR in the HATS 25 cm and 50 cm off-center position. While these decreases in ILD to positions 
near 270 degrees (right side of HATS), the differences in other virtualized positions are permanently 
pronounced.  

4. DISCUSSION 
When one listener is centered in the loudspeaker array, the ITD was only affected when the other 

listener is 50 cm away, and only for presentation angles shadowed by the second listener. The ITD for 
sounds coming from all other angles were barely affected by positioning a second mannequin inside 
the ring. The same results apply to ILDs for a listener in center position. 

In the analysis of off-center listener positions, the displacement effect is apparent in the ITD. The 
peak of magnitude remains practically the same as the ITD 0 value (sound reaching at the same time in 
both ears) is shifted. The relative time of sound arrival to positions to the right of the mannequin 
(between 0 and 180 degrees) increases, while between 180 and 360 (or zero) decreases relative to the 
centralized position. This effect is expected given that the mannequin is physically in front of  another 
speaker.  

For ITDs, no significant difference was observed between the KEMAR positions (25, 50 and 75 cm 
to the right of the center) in all measurements with HATS to the left of the center. When the off -center 
HATS position was 25 cm to the left, the ITD had a good approximation of the reference-centered 
measurement. Subsequent HATS positions of 50- and 75-centimeters present peaks and crossover 
values that indicate distortion problems at low frequencies. 

The decentralized analysis of the interaural level difference parameter was made by subtracting the 
ILD result from each position combination (both dummies within the decentralized ring) of the ILD of 
one, centered listener. The shadow effect generated by the presence of a second listener reduces as 
expected when the first listener is -25 cm or -50 cm off center. However, the high frequencies are 
mainly affected for only virtual sources, which indicates the difficulty of reproducing the same level of 
sound pressure in the ears outside the center, independent of the position of the second listener. 

It should be noted that the current study did not measure changes in ITD and ILD for off -center 
listener positions without the presence of a second listener. Based on the effects of having the first 
listener off-center with a second listener present, coupled with the smaller changes (for actual sound 
sources) with a second listener when the first listener is centered, it can be deduced from the current 
results that the off-center position has a greater effect on the ITD and ILD. Considering that many 
sound-field virtualizations are limited by a “sweet spot” for the listener(s), the off-center position, as 
opposed to the presence of a second listener, is probably the greatest liability for multi-listener 
methods in hearing research.  
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5. CONCLUSION 
In the central position, for one test participant, the VBAP technique does not affect the ILD and ITD 

acoustic cues and the addition of a second person within the ring also does not significantly affect 
these parameters at the three distances tested, except for the angles usually hidden by the shadow 
second person. Thus, it is possible to move towards subjective tests with a center participant and an 
actor on the side. 

There is a clear degradation when two test subjects are simultaneously present in all off-center 
positions, regardless of the distance of a second person, the measurements showed significant 
differences in ILD. These differences indicate the creation of acoustic artifacts, possibly generated by 
the method's difficulty in correctly virtualizing high frequencies outside the sweet spot. For the ITD 
parameter, the displaced position 25 of the center has little difference or evidence of artifacts 
generated by virtualization errors, while the other distances present significant differences and 
artifacts. 
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ABSTRACT 
Knowledge about the acoustic environments experienced by an individual and how the listening experience 
is affected by hearing loss and hearing aids is important when developing solutions for people with hearing 
loss. Acquiring this type of knowledge calls for an assessment method that can be applied in real time while 
a listener experiences a specific listening situation in real life. This ability is a characteristic of the ecological 
momentary assessment (EMA) methodology. In this article, we report on a study in which 16 participants 
with hearing loss used a newly developed EMA smartphone app to answer questions about their current 
listening situation and to compare two different hearing-aid programs in that situation. The participants 
answered the questions when prompted by the app (according to a predetermined time schedule) or when 
initiating the app themselves. The participants also evaluated the usability of the app. Besides responses from 
the participants, the app also collected data from the hearing aids during the assessments. The main results 
from the study are presented, and potential benefits and challenges of using the EMA approach in hearing 
research are discussed. 
 
Keywords: Ecological Momentary Assessment, Auditory Reality, Hearing Aids 

1. INTRODUCTION 
In recent years, hearing aids and other hearing-related assistive devices have become increasingly 

personalized. These devices are built on audiological signal processing features which adjust based 
on properties of the current acoustical environment and/or the user’s interaction with the device. 
Therefore, knowledge about the real-life listening situations and environments in which hearing 
devices are used are of significant relevance to research and development of new hearing solutions. 
Smeds and Wolters (1) adapted the term “Auditory Reality” from Noble (2) to describe the 
interdependence of acoustical environments and how they are experienced by an individual. 

Different auditory realities imply different unique listening demands with a variety of individual 
listening intentions and tasks. Wolters et al. (3) conducted a literature study, categorizing listening 
situations from 10 audiological studies to build a framework of common sound scenarios (CoSS) 
consisting of three intention categories and seven sub-categories based on listening tasks. The 
framework provides the opportunity to map out a person’s auditory reality in a structured manner and 
thus allows for structured comparisons of auditory reality between groups and individuals.  

A common approach to assessing real-life hearing-aid performance is self-report questionnaires. 
These questionnaires often assess aspects of hearing and/or hearing-aid use in pre-defined listening 
situations or entirely without situational context. The retrospective nature of this procedure could 
introduce a recall bias in terms of a focus on more recently experienced or particularly memorable 
situations and thus lower the data’s ecological validity. As an alternative to retrospective self-reports, 
the auditory reality can be assessed momentarily, i.e. at the particular time a listening situation is 
experienced by an individual. This method is often referred to as ecological momentary assessment  
(EMA) (4). The concept includes repeated subjective assessments in everyday life. Galvez et al. (5) 
showed the feasibility of using EMA to obtain real-time responses from hearing-aid users during their 
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everyday listening experiences. Moreover, construct validity (i.e. the degree to which a measurement 
reflects what it claims to be measuring) of EMA has been confirmed (6, 7). In practical applications 
of the EMA method in audiological, auditory and acoustic research, the subjective assessments made 
by a participant may be combined with simultaneous collection of objective data, e.g. audio recordings 
(8, 9) or sampling of hearing-aid parameter settings (10). 

The majority of previous audiological EMA studies share the aim to gain knowledge about the 
auditory realities and lifestyles of hearing-aid users and people with impaired hearing in general. The 
outcomes of these studies can to some extent be related to hearing-aid performance or benefit, but do 
not explicitly measure these constructs. Some studies have utilized EMA to investigate individual 
preferences between two different hearing-aid signal processing schemes in the participants’ everyday 
lives using paper and pencil forms (11, 12). This procedure facilitates the alignment of hearing-aid 
program preference data with auditory reality data. However, it lacks connection to the hearing aids 
and therefore also information regarding hearing-aid settings and recorded acoustical properties at the 
time of the assessments. 

In recent years, the availability of powerful and flexible smartphone and Bluetooth solutions has 
enabled the development of custom EMA systems which are easy to set up, convenient to use and 
highly adaptable to specific research needs. Kowalk et al. (13) developed an open-source system 
which allowed for EMAs in conjunction with wirelessly transmitted acoustical data from external 
microphones via custom-built hardware. Kunz et al. (10) used an EMA app that both administered an 
EMA questionnaire to be answered by a hearing-aid user and allowed simultaneous retrieval of data 
from the user’s hearing aids. Smeds et al. (14) used an approach where a group of hearing-aid users 
were prompted every 1.5 hours to answer a number of questions relating to the current situation and 
were asked to make a paired comparison of two programs in their hearing aids. The entire procedure 
was controlled by a smartphone app, but the approach did not allow direct communication between 
app and hearing aids. 

Based on the approach by Smeds et al. (14), we developed a mobile EMA application for the iOS 
platform. Like the Smeds et al. approach, the app provides the possibility to collect questionnaire data 
on the participant’s auditory reality, but as an addition, it also allows simultaneous retrieval of data 
from a pair of connected hearing aids. Furthermore, the app facilitates real-life paired comparisons of 
hearing-aid programs. The aim of the current study was to evaluate the applicability of this EMA app 
and to provide insights into the auditory reality of a group of hearing-aid users. 

2. METHODS 

2.1 Participants 
Sixteen experienced hearing-aid users (5 females) with an average age of 66.9 years (SD: 8.3 years) 

were recruited for the study. They had a mild-moderate sensorineural hearing loss that allowed an 
open fitting of the test hearing aids. Eight participants were recruited from the pool of test participants 
at Widex HQ in Lynge, Denmark, while the remaining eight participants were recruited from the pool 
of test participants at ORCA Europe in Stockholm, Sweden. All written material was accordingly 
prepared in both Danish and Swedish. 

2.2 Experimental procedure 
Each participant completed the trial over a period of one week, between two visits to the lab. At 

the first visit, the participants received information about the study and signed a consent form. This 
was followed by measuring an audiogram, fitting of test hearing aids, and instructions in performing 
the task and operating the equipment. At the second visit, the participant handed in the equipment , 
and an exit interview was conducted. 

2.3 Test hearing aids 
The test hearing aids used during the trial were Widex UNIQUE 440 FS receiver-in-canal (RIC), 

fitted binaurally using open ear tips. The hearing aids were fitted individually to each participant 
according to the Widex fitting recommendations. The hearing aids were fitted with two programs 
available to the participants. The parameter setting of both programs were based on the prescription 
made by the proprietary Widex fitting rationale. The only difference was that Program 1 provided 
approximately 5 dB more static gain than Program 2 in the frequency range from 1 to 2 kHz. During 
normal use of the hearing aids, the participants could switch freely between the two programs using 
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a remote control or a button on the hearing aid. They were encouraged to do so, but they were not 
informed about the nature of the difference. During the paired comparisons done as part of the EMA 
procedure, the participants compared the two programs which were randomly assigned to two buttons 
on the app user interface, labelled A and B. 

2.4 EMA procedure 
A proprietary smartphone app was developed to administer the EMA procedure. It was developed 

to run on an iPhone 7 smartphone, and the participants received such a smartphone, with the app 
installed, to be used during the trial. Selected screen shots of the app user interface are shown in 
Figure 1 to demonstrate the look of the app and some of its possibilities. In order for the app to control 
and receive data from the test hearing aids, a wireless connection was established using a Widex Pro 
Link device that the participants wore around the neck during the assessments. The Pro Link allowed 
communication with the smartphone via Bluetooth, while the communication with the hearing aids 
used a proprietary digital radio-frequency transmission technology (WidexLink). 

 

 
Figure 1 – Selected app screen dumps. From the left: 1) Location (single choice) – green color indicates 

choice; 2) Decision on program comparison, followed by a logic switch; if “yes” (as indicated by the green 

color), the program comparison is made, otherwise it is skipped; 3) Program comparison where the 

participant listens to the two programs “A” and “B” and rates the preference by placing a slider on the scale 

between -5 and 5, with the selected value (1 in this example) being shown on the screen. 
 
Each assessment was triggered either by an alarm prompt generated by the smartphone 

approximately every two hours (between 8:30 and 20:30, i.e. seven times a day) or manually by the 
participant. When the alarm sounded, the participant had the option to either start the assessment or 
to delay or reject it. The participants had the option to turn off the alarm, e.g. when being in situations 
where interruptions were intolerable.   

When the procedure was initiated, the participant was asked to answer a number o f questions in a 
conditional branching questionnaire that tapped into the current listening situation (auditory reality) 
and then perform a paired comparison of the two programs available in the test hearing aid. In parallel 
with each subjective assessment, a number of objective data were retrieved from the hearing aids. All 
data were stored in the smartphone and sent to a cloud storage (MS Azure).  

2.5 EMA questionnaire 
The EMA questionnaire used in the study included sixteen questions covering the auditory reality 

and hearing-aid program preference. Additionally, hearing-aid data such as sound pressure level 
(registered by the hearing-aid microphones) and sound class (as detected by the hearing aid’s sound-
classification system) were collected. In this article, we will focus on the following questions and 
hearing-aid data, with indication of the response/output options: 
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 Location (subjective): 1: Indoor (home environment); 2: Indoor (public place); 3: Outdoors; 
4: Transportation (car, train, etc.) 

 Listening task (subjective): 1: Speech communication, two people; 2: Speech communication, 
more than two people; 3: Speech communication device; 4: Focused listening (live); 5: Focused 
listening (media); 6: Monitoring surroundings; 7: Passive listening 

 Sound class (objective): 1: Quiet; 2: Quiet-s; 3: Urban; 4: Urban-s; 5: Transportation; 6: 
Transportation-s; 7: Music; 8: Party; 9: Party-s. Here, “-s” indicates that speech was detected. 

 Hearing-aid program preference (subjective, optional): Comparison of two programs, A and B 
(randomly assigned to Program 1 and 2 in each assessment), on a scale between -5 and 5 where 
negative and positive numbers indicate the magnitude of preference for program A and B, 
respectively, and 0 indicates no preference. 

 
These location and listening task categories were adapted from the EMA approach used by Smeds 

et al. (14), where the listening tasks directly reflect the Common Sound Scenarios (CoSS) 
framework (3). The sound classes correspond to those available in the test hearing aid (15). As 
indicated, the preference rating was optional, meaning that the participant was given the option to 
skip this question in the EMA procedure, e.g. in a situation where it was inconvenient to perform the 
comparison or where the participant was not wearing hearing aids. 

2.6 Exit interview 
Structured exit interviews were conducted for all participants at the end of the one-week field trial 

period to assess the participants’ experiences with the EMA app. The participants were asked about 
the user-friendliness of the app (e.g. ability to read text and operate buttons) and the acceptance of 
the app and the equipment (e.g. the frequency and sound of alarms and the task of carrying around the 
equipment). The participants’ task was to respond to a number of statements using a five-point Likert 
scale with the response options strongly disagree, disagree, neutral, agree, and strongly agree. 

2.7 Data analysis 
Compliance was calculated as the proportion of completed triggered EMA questionnaires relative 

to the total number of alarms (49 per participant during the one-week trial).  
Auditory reality data were descriptively analyzed as proportions of questionnaires that were 

completed in each category of location, listening task and sound class. For simplicity, some of the 
sound classes were combined into a single sound class (i.e. Quiet and Quiet-s were combined into 
Quiet, Urban and Urban-s were combined into Urban, Transportation and Transportation-s were 
combined into Transportation, and Party and Party-s were combined into Party). Hence, nine sound 
classes were reduced to five.  

Hearing-aid program preference data were descriptively analyzed via boxplots to visually assess 
whether the preference depended on the location, listening task or sound class. Mixed-effects linear 
regression was done with hearing-aid program preference as dependent variable and participant ID as 
a random effect to assess whether there was a significant effect of location, listening task or class on 
hearing-aid program preference.  

Exit interview questionnaire answers were descriptively analyzed as number of participants who 
answered within the same category for each question.  

3. RESULTS AND DISCUSSION 
In total, the 16 participants completed 648 EMA reports (assessments). An overview of descriptive 

statistics is presented in Table 1, including the number of completed (triggered and user-initiated) 
EMA questionnaires, the number of paired hearing-aid program comparisons, the compliance, and the 
time used to complete the EMA reports. It can be seen that the average user completed 39 triggered 
questionnaires (corresponding to 79% of the times an alarm was received) and two self-initiated 
questionnaires during the one-week trial. Not surprisingly, a large variation was observed across 
participants in terms of how many EMA reports were completed. The most active participant 
completed more than twice as many triggered questionnaires as the least active participant, and the 
number of paired comparisons differed by a factor of almost six. There may be various reasons for 
these observed differences. One could be that some participants are more willing than others to 
‘expose themselves’ by using the needed equipment and performing the tasks in the company of other 
people, and another could be that some participants spend more time than others in situations which 
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may be considered less suited for doing the assessments (i.e. work meetings, driving a vehicle, etc.). 
Furthermore, it could be speculated that the length of the questionnaire made some participants more 
likely than others to skip a triggered questionnaire. These reasons were all supported by comments 
made at the exit interview. All in all, the variation in the amount of data generated by each individual 
participant seems natural and an inherent characteristic of this type of EMA study. A consequence of 
the individual variation is that the methods used to analyze data from EMA studies need to be able to 
handle the variation in number of data points per participant.  
 

Table 1 – EMA data overview. Mean, SD, and range across the 16 participants are indicated. Compliance 

was calculated as percentage of questionnaires that were completed when triggered by the alarm. Total 

number of alarms was approximately 49. *Range of individual means. 
 Mean ± SD Range 

Number of completed triggered questionnaires 39 ± 8 22 – 49 
Number of user-initiated questionnaires 2 ± 2 0 – 6 
Number of paired comparisons 25 ± 10 8 – 45 
Compliance (%) 79 ± 17 33 – 94 
Time to complete (minutes) 3.4 ± 3.4 2.0 – 5.1* 

 
On average, it took 3.4 minutes to complete an EMA report, but there was also a large individual 

variation on this measure, and in some cases, it took much longer to complete the report. It should be 
noted that eight of the EMA reports took longer than ten minutes to complete and four of these reports 
took longer than 30 minutes. This is likely because the participants left the app for some time and then 
came back to the questionnaire at another point, or they did not click on “end” immediately after 
completing the questionnaire. Such cases obviously challenge the ‘momentary’ aspect of the EMA 
procedure, and it can be discussed whether these longer reports should be removed from the analysis.  

Figure 2 shows how the assessments were distributed within the self-reported location, self-
reported listening task, and the sound class detected by the hearing aids. An overall observation, across 
the three distributions, is that majority of the assessments were made in quiet home environments 
while the participants were involved in passive or focused listening. This is not very surprising, given 
the sample of participants, of which many were retired and expectedly spent considerable time at 
home. 

 

 
Figure 2 – Auditory reality (on group level). Distribution (in percent) of EMA reports within each category 

of location (left), listening task (center) and hearing-aid sound class (right). The categories are sorted in 

descending order according to the number of reports in each category. N=648 completed questionnaires. 
 
With an overall compliance of 79%, the distributions shown in Figure 2 are expected to provide a 

rather accurate indication of the participants’ auditory reality (on a group level). The distributions 
within the location and listening task categories are in good agreement with distributions observed in 
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a previous EMA study reported by Smeds et al. (14) who used a similar EMA approach (but with no 
ability to retrieve hearing-aid data). It should be acknowledged that some participants likely found it 
more convenient to perform the EMA task in quiet passive-listening situations at home than in other 
scenarios, e.g. social settings that involve active communication. Thus, the distributions associated 
with the situations that participants rejected to assess when they were prompted by the app may have 
looked different than those shown in Figure 2. 

Paired comparisons of the two hearing-aid programs were done in 396 EMA reports. Figure 3 
shows box plots of the preference ratings. The overall observation is that the median value is very 
close to zero, indicating no preference, in most of the locations, listening tasks and sound classes. In 
a few cases (during transportation and when using a speech communication device), a trend towards 
a preference for program 2 was observed. However, a large variation in preference ratings is also seen, 
with individual preferences for both programs observed in all categories. A mixed-effects linear 
regression model showed no significant effect of the listening environment (β=0.23, 95% CI: -0.01 - 
0.47, P=0.07), listening task (β=0.01, 95% CI: -0.09 - 0.11, P=0.89) or sound class (β = -0.05, 95% 
CI: -0.27 - 0.16, P=0.61) on the subjective preference of the hearing-aid program. The most obvious 
explanation for the lack of significant effects is that the experimental contrast was quite subtle, and 
some participants reported that they were not able to hear a difference in many situations. However, 
the large preferences observed for both programs for individual participants show that the contrast 
indeed was audible and caused a clear preference for some of the participants. 

  

 

Figure 3 – Hearing-aid program preference in different listening environments (left), listening tasks (center) 

and sound classes (right). Negative ratings indicate a preference for Program 1, while positive ratings 

indicate a preference for Program 2. The boundaries of the box represent the 25th and 75th percentile. The 

line within the box indicates the median. Error bars indicate minimum and maximum values. Filled circles 

are the outliers. The order of categories reflects the order in Figure 2. N=396 paired comparisons. 
 
Although no group effects were observed in this study, the ability to assess an experimental contrast 

within different auditory-reality categories is one of the major assets of including a paired comparison 
approach in the EMA procedure. It also allows analyses on an individual level, e.g. to investigate 
whether participants with different auditory realities have different hearing-aid preferences. From a 
clinical perspective, this could also make the EMA method a facilitator in a data-driven dialogue 
between end-user and hearing care professional (the person fitting the hearing aids), giving the latter 
objective insights in the auditory lifestyle and needs of the end-users.  

Besides assessing their auditory reality and making paired comparisons of the two hearing-aid 
programs, the participants were also asked to evaluate the app and the EMA procedure used in the 
study. The distribution of the participants’ responses to a selected sample of questions asked during 
the exit interview are presented in Figure 4. A general observation, across questions, is that the 
participants found the app to be easy to use. Thus, 15 of the 16 participants agreed that, all in all, it 
was easy to handle the app. The questions with the lowest number of participants agreeing with the 
statement, and thereby showing the least satisfaction, were the ones relating to the alarm used to 
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prompt the participants. Especially the question on the frequency of the alarm had markedly fewer 
participants strongly agreeing than the other questions. This indicates that the chosen frequency of 
alarms (2 hours between alarms) may have been close to or even beyond the limit of what participants 
are willing to accept. This assumption is supported by statements made during the exit interview by 
some participants who said that they would prefer more time between alarms. However, the effect of 
the alarm frequency on annoyance may have been confounded by the effect of the length of the 
questionnaire, assuming that the time associated with completing a long questionnaire makes a given 
alarm frequency more annoying. All in all, the choice of alarm frequency and the length of the 
questionnaire is a delicate balance between not overworking, annoying or demotivating the 
participants, and at the same time, the wish to make detailed assessments in as many situations as 
possible. 

 

 
Figure 4 – Usability of the EMA app and procedure. The numbers on the colored bars indicate the number 

of participants who answered in that category. N=16 participants who answered the usability questionnaire 

at the exit interview.  
 

Comments made by several participants during the interview indicate that the EMA procedure used 
in the present study could be improved by allowing the app to run on the participant’s own smartphone 
(eliminating the need to carry two smartphones), and to establish a direct wireless connection between 
smartphone and hearing aids (eliminating the need to carry the Pro Link device). For practical reasons, 
it was not possible to implement these functionalities in the version of the app used in this study, but 
based on the comments, it seems likely that such functionalities would be able to further improve both 
usability ratings and compliance. 

4. FINAL REMARKS 
The results obtained in this study demonstrate the potential of the EMA approach to gather 

subjective and objective data on a participant’s auditory reality in a variety of different real-life 
situations. The observed compliance of 79% indicates that the applied EMA procedure was generally 
accepted by the participants. A similar conclusion may be drawn from the subjective ratings of the 
usability of the EMA app and the equipment needed to run the EMA procedure. However, there was 
large individual variation in compliance and usability ratings, indicating that some participants had 
issues with parts of the EMA procedure, such as the alarm frequency and the number of questions that 
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had to be answered in each EMA report. 
While no significant effects were found on a group level in the comparison of two hearing-aid 

programs, the results showed the potential of the EMA approach to make a direct perceptual 
comparison of different hearing-aid programs in real-life situations and relate the results to the data 
on the participants’ auditory reality. The large variation in program preference highlights the 
importance of personalized hearing solutions. End-users are different and whether they prefer one 
program or the other is likely highly dependent on what listening intention is important to the 
individual at a particular point of time. The strength of the EMA method is the ability to provide 
insights into the variation in individual preferences during different everyday listening activities. 
Hence, the method can contribute to the continuing efforts to improve individualized hearing care.  
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Abstract
Studies about 3D audio perception with hearing devices are sparse. There are a number of studies on localization
on the horizontal plane, but none about localization in elevation. In this study, 20 hearing-impaired subjects took
part in a 3D localization test. Participants had to point their head in the direction of various target stimuli. These
stimuli were generated by convolving a speech signal with 4th order HOA room impulse responses recorded
with an Eigenmike. 4th order HOA background audio recordings were played in addition to the target in order
to reproduce realistically difficult environments. In total, 32 different directions were generated for both a noisy
restaurant and a busy street background sounds. Three different hearing device beamformers were compared
along with an unaided condition.
Keywords: Hearing devices, 3D audio, Localization

1 INTRODUCTION
Studies on 3D audio localization with hearing aids are scarce. [1] looked at the localization performance of
hearing-impaired people and normal-hearing people for 40 randomly generated positions, and concluded that
no matter the type of hearing aids used by the participants, none of the hearing-impaired participants had any
perception of elevation, and the perception of azimuth was worse for the hearing-impaired participants than
for the normal-hearing participants. In the Best study, participants were allowed to take their test hearing aids
home for four to six weeks in order to get used to them. [2] also observed that hearing-impaired had almost
no perception of elevation. However, these studies were conducted in anechoic chambers with only one single
sound source active at a time.
The lack of studies on elevation can be explained by the world we live in: humans mostly interact with objects
and people on their horizontal plane, or so people think. The distant car can be assimilated as being on the same
plane as the person speaking next to us. Humans cannot easily move in elevation, and therefore everything is
placed at a similar height as them. Localization studies therefore often limit themselves to the azimuthal plane.
But the results of such tests are biased by the fact that the participants expect the sounds to come from the
azimuthal plane: would their ability to localize sound be modified if they had no prior information about the
elevation of the source, especially if they cannot estimate the elevation of a sound source?
Recently, an interest in 3D audio reproduction has been shown for hearing aid evaluation [3, 4, 5, 6, 7, 8].
Virtual Sound Environments (VSEs) offer the possibility to simulate plausible or realistic auditory environments
similar to those perceived as difficult by the hearing-impaired people. Particularly, hearing-impaired people
mention noisy restaurants, pubs and train stations as conditions where they struggle to understand speech [9].
Those environments typically feature numerous speakers, additional noise, and can be more reverberant than the
environments perceived as easy such as living rooms.
In this context, the study presented here evaluates the localization performance of hearing-impaired people with
and without hearing aids, using three different types of beamformer for the hearing aid cases. This paper
presents the experimental setup. It is followed by the results of the perceptual experiment and a discussion on
the results in the light of past studies on spatial audio.
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2 EXPERIMENTAL SETUP
The experiment was conducted in a semi-anechoic room with an RT30 of 199ms. An array of 32 8020 DPM
Genelec loudspeakers was used for the simulation of complex auditory environments:

• 8 loudspeakers every 45◦ azimuth at an elevation of -30◦

• 12 loudspeakers every 30◦ azimuth at an elevation of 0◦

• 8 loudspeakers every 45◦ azimuth at an elevation of +30◦

• 4 loudspeakers every 90◦ azimuth at an elevation of +60◦.

Loudspeakers were placed 1.5m away from the center of the reproduction system, except for the 4 top loud-
speakers, which were 98cm away from the center. The position of the loudspeakers was inspired by [10]. The
loudspeakers were hidden behind an acoustically transparent curtain.
The levels and delays of all the loudspeakers were corrected during a calibration process.
3D audio encoding and decoding was performed in Spat1 with MAX2. Analysis of the measurements was
performed in Matlab and R.
For this study, all Spat room effects were removed from the processing chain.
10 mildly hearing-impaired (people who have a Pure Tone Average hearing loss value between 26dB and 40dB)
and 10 moderately hearing impaired (people who have a PTA hearing loss value between 41dB and 55dB)
participants took part in the experiment. The test consisted of two sessions, taken on different days.
During the first session, the hearing thresholds of the participants were measured, and the tested hearing device
was fitted for them. The participants were then instructed of their task and proceeded to a training phase, during
which they rehearsed their task in the presence of the experimenter, who ensured they had well understood the
instructions. Following this was the main part of the experiment, during which the participants had to face to-
wards a reference point, indicating the 0◦ position both in azimuth and in elevation, and then localize as quickly
as possible a continuous speech target signal that was played alongside a background sound recording. When
they had localized the speech signal, they had to point with their head a laser pointer towards the direction of
the sound and validate the position by pressing a button on a Microsoft gaming controller.
For the mildly hearing-impaired group, the tested hearing device was a pair of Phonak Audeo Receiver In the
Canal (RIC) hearing aids with an open dome, meaning that they could still hear partially the sounds directly.
For the moderately hearing-impaired group, 7 participants were equiped with Phonak Bolero BTE hearing aids
with occluded ear-pieces. One moderately-impaired participant used a pair of Audeo hearing aids with an
occluded ear-piece. The two remaining moderately-impaired participants used Audeo hearing aids with closed
domes.
Fig.1 shows the audiogram boxplots of the two groups.
The participants wore a NGIMU headtracker upon which the laser pointer was fixed, ensuring that the direction
of the headtracker and that of the laser pointer were the same.
Two auditory environments were simulated: a loud restaurant environment (RT60 = 572ms, EDT = 123ms) and
a noisy street environment (RT60 = 837ms, EDT = 37ms). Both of them were recorded with an Eigenmike
microphone and processed to obtain 4th order background recordings. They were recorded at 67dBA. Both
recordings were edited to obtain 1 minute-long recordings.
For each of the two enviroments, three sweep signals were recorded with a 8020 DPM Genelec loudspeaker
at a distance of 1.5m from the Eigenmike microphone in the 0◦ direction. The recorded sweeps were then
averaged and inverted in order to obtain the desired impulse responses.

1https://forumnet.ircam.fr/product/spat-en/
2https://cycling74.com/
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Figure 1. Boxplots of the mildly-impaired group (a) and of the moderately impaired group (b) hearing thresh-
olds.

32 positions were used in this experiment. They were initially randomly-generated for a previous experiment
conducted with normal hearing participants. Each octant of space contained 4 possible directions, in order to
guarantee a relatively homogeneous distribution of the source positions. Elevation of sources was constrained to
±40◦.
Four hearing aid conditions were tested: unaided, aided with beamformer A, B, or C. Beamformers combine the
signals from the two microphones of each ear in different ways. It was therefore assumed that the beamformers
might affect auditory perception in different ways. During the first session, the unaided conditions were tested
once all the aided conditions were tested. During the second session, the unaided conditions were tested first.

3 RESULTS
Fig. 2.a) shows an overview of the perceived azimuth vs the target azimuth. An offset can be observed around
180◦: sounds are perceived more counterclockwise than they should. The reason for this offset is still unclear.
The problem already occurred to a lesser extent in a previous experiment conducted with normal hearing par-
ticipants, bursts of pink noise, no reverberation nor background noise. Possible reasons for this bias considered
so far indicate that:

• it is unlikely to result from the calibration of the system, as it would result in an overestimation of
the angle to one side of the loudspeaker and an underestimation of the angle on the other side of the
loudspeaker

• it does not come from the beamformers, otherwise there would be a constant shift.

• it is unlikely to be related to the rotation of the HOA impulse response, as the problem was already
present in the B1 experiment.

The best explanation is therefore the movement of the body and the fact that when people are turning their head
to the side, they tend to bend their head on one side, which could bias the headtracker results. It is however
surprising that the bias happens to one side and not to the other.
One participant was not included in these results as his perceived angles seem to be random: there is no
link between the target angle and the perceived one. Two other participants had to be removed because of a
hardware issue during their test: only one session was valid for those two participants. This resulted in 17
participants whose results could be shown and analysed.
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Figure 2. Perceived angles vs target angles. a) azimuth angles. The continuous line indicates the identity. b)
elevation angles. c) elevation angles for a previous experiment conducted with normal hearing participants and
bursts of pink noise, in the absence of background noise.

The perception in elevation shows that aided or not, the hearing impaired participants had no idea of the sound
elevation. They almost all mentioned having problems for perceiving the elevation of sounds, both during the
experiment and in real life.
In a previous experiment conducted using non-reverberant noise bursts, normal-hearing participants had a poor
elevation judgment when aided but a good one when unaided, as shown on Fig. 2.c). It was therefore thought
it would still be the case at least with the mildly impaired participants. The addition of room effect could not
be an explanation for these differences, but the high frequencies audibility could: unaided, the participants do
not have enough high frequency cues to localize sounds in elevation; aided, they have less frequency cues.
Participants perceived especially rarely sounds below the horizontal plane. Informal tests with normal hearing
participants confirmed this. Despite the fact that when trying to simulate a sound coming from below, the lowest
loudspeakers play louder sounds than the remaining loudspeakers, the sound still does not appear to come from
below. This could be a combined effect of the asymmetrical reproduction system (four less loudspeakers below
than above the horizontal plane, and carpet on the floor but not on the ceiling) and of the reverberation (diffuse
sound and early reflections may come from all directions).
Statistical analysis of the reaction time, of the absolute error of localization in azimuth, and of the absolute error
of localization in elevation was conducted. As the playback of the stimuli was continuous, it was expected that
the error of localization should be little dependent on the position of the sound: no matter where the sound was
coming from, the participants were supposed to end up facing the direction of the speech stimulus. In order to
guarantee a potential average across positions, a correction offset was subtracted from each participant’s reaction
time results. For each participant and each direction, the minimum reaction time was subtracted from all the
reaction time results of this participant in this direction. In addition, the data for the three dependent variables
was log-transformed in order to ensure a normal distribution of the results.
A repeated-measures ANOVA was conducted on the data. It showed that session number, the processing, the
type of background environment, and the direction of the sound had a significant effect on the reaction time
(resp. p < 0.01, F = 9, p < 0.01, F = 9, p < 0.01, F = 88, and p < 0.01, F = 5). It also showed that the
type of background environment and the position of the sound had a significant effect on the absolute error in
azimuth (resp. p < 0.01, F = 12, and p < 0.01, F = 12), and that only the position had a significant effect on
the absolute error in elevation (p < 0.01, F = 14). In each case, the street environment led to faster reaction
time and less errors than the restaurant environment.
More particularly, there were large differences of observed effects between the participants. For 8 participants,
there was no visible effect of the processing on the reaction time nor on the absolute error in azimuth. The
remaining 9 participants could be grouped depending on the effect the processing had on their reaction time:
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Figure 3. Three examples of the effect of the processing on the reaction time. Participants CE8 and CE21 were
mildly impaired and had a different reaction time for the unaided conditions compared to the aided conditions.
Participant CE5, moderately impaired, was faster unaided than aided, and faster with beamformer A than with
beamformers B and C.

• Five participants, all moderately impaired, were faster both unaided and with the beamformer A

• Three participants (two mildly impaired, one moderately impaired) could localize sounds faster with the
unaided condition

• One mildly impaired participants took longer to localize sounds when unaided than when aided.

This last category is unexpected. If the hearing impairment caused the localization to take longer, it should
take the moderately impaired participants longer to localize sounds unaided, but that is not the case. Only one
participant behaved like this. Examples of these three categories can be seen in Fig. 3.

4 DISCUSSION
The main finding of this experiment is similar to those of [1]: participants had no perception of elevation
no matter which setting was used. Several possible causes can be hypothesized. In the unaided case, the
hearing impairment of the participants made them oblivious to the spectral cues that are used for localization in
elevation, as those can mostly be found above 5kHz [11]. In the aided case, the participants could not use the
spectral cues that the hearing aids made available to them. The spectral cues produced by the BTE hearing aids
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Figure 4. Evolution across time of the mean RMS level of both background sound recordings. Estimation of
the rms level was done on the omnidirectional component of the HOA recordings.

are very different from those obtained through natural hearing. According to [12], the spectral cues produced by
BTE hearing aids varied little across frequencies and show smaller differences between two different elevations
than the spectral cues obtained through natural hearing or In-The-Ear (ITE) hearing aids. This makes the use
of these cues more difficult. In this paper, no ITE nor Completely-In-the-Canal (CIC) hearing aids were used.
They are expected to provide closer spectral and interaural cues than those obtained with BTE hearing aids. [1]
compared BTE and CIC, but with hearing-impaired participants that were not used to CIC: the participants were
either not hearing aid users at all or they were BTE hearing aid users. Studies on brain plasticity [13, 14, 15]
showed that training helps learn new Head-Related Transfer Functions (HRTF). Training the hearing aid users
to localizing with hearing aids may therefore help them use auditory cues that are different from those they
used or that they have not used for a long time.
The type of environment had a significant effect on the reaction time and on the absolute error of localization
in azimuth, despite the similar average level of both background sound recordings. However, both background
sound recordings varied in terms of level homogeneity, as can be seen in Fig.4. The RMS level was estimated
on the omnidirectional component of the recording, without any A-weighting. This explains the difference
of global level between the two recordings, the street recording having some engine noises that include low
frequency content. Average level was estimated on 1s-long windows. The figure shows that the level of the
restaurant recording varied by up to 4.5 dB across time, whereas the level of the street recording varied by up
to 15 dB. The faster reaction time and lower errors were then obtained with the street environment. It could
be caused by the discrepancies of level, but also by the type of sounds (in the restaurant environment, noise
was mostly present in the form of other speakers, the noise’s spectro-temporal characteristics were therefore
more similar to those of the target than the street noise’s spectro-temporal characteristics) or by the difference
of early reflections and reverberation on the target sound. The street environment had a larger RT60 value
but a significantly shorter EDT value (37ms instead of 123ms for the restaurant environment, as described in
the experimental setup). This could cause the reverberation to be less disruptive for the localization of sounds
and therefore make the localization faster with less errors. This result suggests that one should test several
environments when evaluating localization in noise.
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For eight participants, there was no significant effect of the processing on the reaction time, whereas there was
a significant effect for the remaining nine participants. The most likely explanation for this is that these partic-
ipants may have tried to localize the sounds as quickly as possible, as instructed. This should have caused an
increase of the absolute errors of localization for the most difficult conditions. However, the error of localiza-
tion in elevation was seemingly random. An increase of this error would not have been visible. The standard
deviation of the error of localization in the azimuthal plane was larger for the 8 eight participants who showed
no significant effect of the processing on the reaction time (7.9) than for the 9 participants who did (6.9), but
the difference is small and is therefore unlikely to explain this lack of sensitivity. Participants sometimes lacked
of focus (two participants forgot the instructions half way through their first session), but if it were a real issue,
the difference of std between the two groups should be larger. This difference of behaviour therefore requires
further testing.
For the nine participants for whom a significant effect of the reaction time was observed, the moderately im-
paired participants showed an improvement when using beamformer A compared to beamformers B and C. This
implies that the beamformer could be varied depending on the situation for moderately impaired participants:
using a classifier, it would be desirable to switch to beamformer A when the localization of sounds is impor-
tant, and possibly switch to beamformer B or C when the localization is less important if one of these provides
an improvement of intelligibility. For the mildly impaired participants, results show better results only in the
unaided case, thus suggesting that the gain of audibility of spatial cues is not sufficient to compensate for the
distortion of cues caused by the hearing devices.

5 CONCLUSIONS
This study showed the lack of localization in elevation for hearing-impaired people, whether equipped with
BTE hearing aids or not. The lack of hearing aids reduces the audibility of the cues used for the localization in
elevation, and the presence of BTE hearing aids provides spectral cues that are different and vary less depending
on the elevation than the natural spectral cues.
The type of complex environment had an effect on the reaction time and localization error despite a similar
average level for all background sounds. The environments varied in terms of homogeneity of the level, type
of sound sources, and reverberation. This suggests that further studies on spatial perception with hearing aids
should include several different environments.
Finally, the type of hearing aid processing had a significant effect on the reaction time for 9 out of 17 partic-
ipants. The effect varied depending on the participant’s hearing loss: participants with moderate hearing loss
behaved significantly better unaided and with one of the beamformers than with the other two beamformers,
whereas the mildly impaired participants performed better only in the unaided case.
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ABSTRACT 

Many people with hearing loss use two cochlear implants (bilateral CIs), or combine a CI with a 

hearing aid (bimodal). While the addition of a second CI or acoustic input improves speech perception 

(particularly in noise), it is not clear how listeners fuse these disparate inputs. We used a duplex 

perception paradigm to investigate this. Listeners heard the four vowels from six talkers. In one 

condition, the first formant was presented to the CI, and the second to the other CI or hearing aid (and 

vice versa). In normal listeners, accuracy under dichotic presentation (across ears) did not differ from 

combined presentation (both formants, both ears). However, performance dropped to near chance with 

isolated formants. We then tested a range of CI users including bilateral (N=8); acoustic+electic 

listeners (CI and a hearing aid; N=11) and single-side-of-deafness (SSD; N=9) listeners. CI users also 

performed well in combined listening, and poorly for isolated formants. However, duplex presentation 

was much poorer than combined. Thus, CI users may not fuse inputs well at an auditory level, instead 

treating input from each mode or each ear as distinct auditory objects. This suggests the benefits of 

acoustic+electric hearing may derive from central integration not from fusion. 

 

Keywords: Cochlear Implantation, Binaural Listening, Acoustic+Electric Processing, Speech Perception, 

Duplex Perception 

1. INTRODUCTION 

Hearing loss affects 16% of adults and almost 50% of people at some point (1). As remediation 

technology gets better, outcomes continue to improve. Yet variability between listeners is not fully 

explained by input quality (2-4). People with similar hearing profiles vary in speech perception 

(particularly in noise) (2-5); and people with similar speech perception in the lab differ in real-world 

outcomes (6, 7). This suggests that some of the variation in outcomes may relate to variation in 

cognitive mechanisms that weight and combine acoustic cues (8), map input to meaning (9, 10), or 

segregate objects in from background noise (11) (to name a few). That is, good outcomes of hearing 

remediation are likely to be the simultaneous product of good peripheral input (e.g. audibility, 

frequency precision) and good downstream cognitive processes that map the input to language. 

This manuscript examines one such mechanism: the ability to integrate or fuse inputs from two 

ears, or from two modalities (acoustic and electric hearing) within a single ear. Until recently, 

remediation options were limited: for profoundly deaf individuals (who sought remediation), a single 

Cochlear Implant (CI) was the norm. However, in recent years, a diverse array of configurations have 

become standard, offering new sources of auditory information, and greater sensitivity to individual 

hearing profiles, and better outcomes. For example, many profoundly deaf people people receive 

bilateral CIs (12) (CIs in each ear). Further, for individuals with some hearing there are other options. 

Bimodal CIs pair a standard electrode in one ear with a hearing aid on the contralateral ear. This 

permits users to take advantage of any acoustic hearing in that ear (13, 14). Similarly, hearing 

preservation or hybrid CIs allow listeners to take advantage of residual hearing on the implanted ear 

in much the same way (15, 16) (and these may allow an additional CI or hearing aid on the other ear). 

Finally, increasing numbers of individuals with normal hearing in one ear, but severe-to-profound 

hearing loss on the other (Single Side of Deafness or SSD) are receiving CIs.  

The benefits of these approaches are thought to derive from the ability to integrate or fuse inputs. 

                                                        
1 gf@aaa.com 
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Depending on the device, fusion may have overcome two problems. First, in bilateral CIs, listeners 

must fuse electric (CI) hearing from each ear. Second, in hybrid implants, listeners must fuse 

qualitatively distinct inputs from the same ear: higher frequency electric hearing (which loses 

temporal fine structure and fine grained frequency distinctions), and lower frequency acoustic hearing 

which is higher fidelity, but perhaps less audible and which may span only small frequency range. 

Bimodal and SSD listeners must solve both problems.  

There are clear benefits to these multimodal hearing configurations. However, it is unclear whether 

these benefits derive from truly fusing the inputs. Here, we operationally define fusion as the ability 

to form a composite auditory “image” using inputs from both mode or CIs, an image on which further 

processing (e.g., speech perception) is based. The alternative is some form of integration, when 

listeners use information from each ear in some way, but without forming a composite. To address 

this, we present preliminary results from a new “duplex” perception paradigm (17, 18) which offers a 

more definitive way to characterize the degree to which CI users fuse inputs from each ear or mode. 

1.1 Performance gains (or costs) from integrating across ears and modes. 

In assessing the integration of multiple CIs or CIs and a hearing aid, the dominant approach is to 

compare performance in the same subject with and without the additional CI or hearing aid. This 

offers great control, but it is important to note that compares performance in a listener’s typical 

configuration to one they are unused to. Further, it should not be construed as a long term benefit to 

one type of configuration or another, since this approach does not compare two types of CI users. 

Bilateral CIs offer several potential benefits to listeners. First, bilateral CI users show benefits in 

speech perception in noise, when the noise and speech are not co-localized (19-21). However, the 

largest benefits are seen when the noise is at 90° relative to the listener, suggesting the benefits may 

derive from head shadow (not true localization) (19). However smaller benefits can be observed when 

speech and noise are closer in space suggesting CI users may be localizing the speech relative to the 

noise. Even beyond the benefits of localization, bilateral CIs benefit speech perception in quiet (19-

21). This may be a form of redundancy gain: the additional CI offers an additional glimpse at a noisy 

input. Thus, it is not clear that any of these gains not require true fusion of inputs from the two CIs – 

they can largely occur due to ancillary benefits of two ears (head shadow, redundancy). 

Bilateral CI users can localize sounds using interaural time and level differences, though level 

differences are more robustly used (22). Localization likely entails true fusion, since timing and level 

must be integrated from the two ears in order to compute location. However, localization is a fairly 

low level and specialized skill. Consequently, fusion in this domain does not necessarily mean that CI 

users can fuse inputs from each ear for more general functions like speech perception. 

Bimodal CI users use a hearing aid on the contralateral ear to the CI. Similarly, Hybrid or Hearing 

Preservation CI users use a CI designed to preserve residual acoustic hearing in the implanted ear 

(usually amplified by a hearing aid) (23, 24). Both are commonly described as Acoustic+Electric 

(A+E) hearing. In both configurations, the residual acoustic hearing is not typically sufficient to 

enable accurate word recognition by itself. However, the typically low frequency acoustic input they 

provide can be used in a variety of ways. It can provide information to support word segmentation, 

and prosody. It can also enable better talker identification (25), which can help stream an attended 

speech stream from the background. Finally, the residual low frequency input can transmit low 

frequency phonetic cues like F0 (for voicing) or the first formant (for vowels). As a result of this, the 

addition of acoustic hearing to the CI provides better speech perception in both bimodal (13, 14, 26, 

27) and hybrid (24, 27-29) configurations, particularly in noise.  

The gains associated with adding acoustic input to the CI for the most part can be accounted for 

without positing true fusion. Instead they may derive from redundancy, the accessibility of new cues 

(F0), or improvements in processes like streaming. Indeed this may explain why both A+E 

configurations tend to show similar profiles of performance despite facing different fusion problems.  

While an A+E benefit has been universally observed, one recent study challenges this showing at 

least one situation in which there may be a cost. We recently tested standard electric CI users 

(unilateral and bilateral) and A+E CI users (bimodal and hybrid) in a phoneme categorization task 

using speech continua. On a voicing (b/p) continuum, A+E listeners showed sharper 

categorization than CIE users, likely due to their better access to low frequencies (the pitch and 

voicing). In contrast, on a fricative continuum (s/ʃ), A+E listeners showed substantially worse 

categorization. This was surprising as sibilant fricatives contain little input in the low frequency 

acoustic-hearing range. Given this, A+E listeners should have performed equivalently to electric 
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only. This raises the possibility that A+E listeners are not properly integrating A and E. 

Specifically, A+E listeners may overweight the acoustic input. While this may be useful in typical 

situations (where the acoustic input is generally helpful), in fricatives it is not (since there is no 

signal in the acoustic range), leading them astray. It is not clear whether this is a failure of fusion 

or integration, but it led us to think about how to more directly assess fusion across hearing modes. 

1.2 Fusion vs. Integration 

As we have described, many of the benefits for A+E hearing and for bilateral implantations may reflect 

a loose form of integration, not fusion. Factors like head shadow, redundancy gains, or using pitch for 

word segmentation do not require true fusion across ears and modes into a unified auditory percept, 

but simply the use of information from both modes or ears to accomplish separate goals, whose outputs 

can b integrated later.   

So how would one know if fusion had been achieved? The ideal test would be a situation in which 

the input coming into each ear (or mode) is individually not sufficient for a robust percept; however, 

the listener can succeed when they are combined. This rules out redundancy gains, and if the 

information in each ear is fairly minimal, it rule out ancillary processes like segmentation or attention.  

One paradigm that potentially meets this criterion is duplex perception (17, 18). In this classic 

paradigm, speech cues (e.g., a formant transition) are synthesized individually and sent to each ear 

separately. Individually, such cues often sound like non-speech (e.g., a chirp), but when combined 

they create the percept of a speech sound2. This offers a potentially strong test for fusion, as only 

when the cues are combined prior to speech categorization are they useful. 

We thus implement a duplex perception experiment using two-formant vowels. Formant tracks 

were extracted from four vowels (/ɪ, æ, ɑ, ʊ/) spoken by several talkers, and resynthesized. We 

compared several conditions including dichotic listening (one formant in each ear or mode), combined 

(both formants in both ears or modes) and each formant individually (presented to both ears or modes). 

Listeners categorized each vowel in a 4AFC task. Critically, if listeners are exhibiting perfect fusion, 

we should find performance in the dichotic condition to be similar to performance in the combined/ 

However, if listeners are not fusing, dichotic listening should be comparable to performance on 

individual formants. Experiment 1 validates the paradigm with NH young adults. Experiment 2 then 

tests a variety of CI users including bilateral, bimodal, hybrid and SSD listeners. Note that Experiment 

2 represents a preliminary report, as we have not yet reached our planned sample size.  

2. Experiment 1 

2.1 Methods 

Subjects. 14 NH listeners participated. Subjects were typical college students, screened for normal 

hearing. They were received course credit or a nominal compensation for their participation.  

Stimuli. Stimuli were resynthesized from natural recordings. The entire stimulus set comprised 

four vowels from six speakers of Midwest American English. Rather than using point vowels, we used 

/ɪ/ and /ʊ/ (which are one step lower than the point vowels /i/ and /u/) as these have durations that 

were more similar to /æ/ and /ɑ/. Further we used six talkers of mixed gender to create some difficulty 

in vowel identification (particularly as there would be no F0) and keep performance off ceiling.  

To generate the stimuli, we first recorded several exemplars of each vowel from each speaker. We 

selected the clearest exemplar whose duration was closest to the mean duration of the set. Next, we 

extracted formant tracks for the first and second formants. These were then input into the KlattWorks 

interface (30), to the Klatt88 synthesizer (31), and the results were smoothed using a series of 

sigmoidal fits to the formant frequencies. The amplitude of voicing (AVS) parameter was set to 

approximate the envelope of the original sounds, but equated on duration. We then synthesized each 

formant individually (with no pitch) using the parallel tract of the synthesizer. These were then 

recombined into stereo soundfiles in five different configurations: 1) the combined condition, in which 

both formants were present in both the left and right channels; 2) a dichotic condition with F1 on the 

left and F2 on the right; 3) a second dichotic condition with F1 on the left and F2 on the right; 4) F1 

alone (on both sides); and 5) F2 alone (on both sides). 

Design. There were 6 talkers, 4 vowels and 5 conditions for a total of 120 total stimuli. Each was 

                                                        
2 The term duplex derives not from the fact that the information is sent to two ears, but rather, that many 

listeners report hearing two things simultaneously – the “chirp” and the speech sound. 
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presented 3 times for a total of 360 trials. Stimuli were tested in completely random order. 

Procedure. Stimuli were delivered over high quality circumaural headphones in a sound proof 

booth. Subjects were allowed to adjust the volume to a comfortable listening level prior to the 

experiment. On each trial, subject clicked on a start button at the center of the screen to hear the 

stimulus. They then heard the auditory stimulus, they responded by clicking on one of four response 

options labeled with example words containing each of the four vowels (lick, lock, look, lack). 

Periodically the locations of each word on the screen were shuffled. 

2.2 Results 

Figure 1 shows the results. In the combined condition, listeners achieved 77.6% correct, showing 

good (but not perfect) identification of the vowels. In the two duplex conditions performance was 

similar (if not slightly better) at around 80%. Finally performance dropped to near chance (25%) in 

the two mono conditions suggesting that the formants alone were not sufficient for a vowel percept. 

For statistical purposes, we collapsed the two dichotic conditions into a single one, and the two 

isolated formants into a single mono condition. These were submitted to a one-way ANOVA examining 

the effect of listening condition. The main effect of condition was significant (F(2,26)=170.4, 

p<.0001). Follow-up tests confirmed no significant difference between combined and dichotic 

(F(1,13)=2.44, p=.14), but a difference between dichotic and mono (F(1,13)=185.0, p<.0001).  

The mono condition—while substantially lower than the other conditions—was nonetheless 

significantly above chance (0.25; t(13)=8.08, p<.0001). An analysis of the specific errors in the mono 

condition suggested this was because listeners were often able to extract at least one feature from the 

isolated formants. For example, a low F1 could indicate either of the high vowels (/ɪ/ or /ʊ/), while a 

high F1 would indicate one of the low vowels (/æ/ or /ɑ/). For example, with F1 alone, listeners were 

81.7% accurate at identifying the height of the vowel (e.g., both /ɪ/ and /ʊ/ are high vowels), but only 

52.9% accurate at identifying the frontness (e.g., /ɪ/ and /æ/ are front vowels). Here chance is 50%, 

suggesting they could not identify frontness at all from F1. Conversely, with F2 alone, they were 

70.4% correct for frontness but 52.0% correct with backness.   

We used this logic to generate predicted performance if dichotic performance was solely based on 

a redundancy-gain. Imagine that listeners were not fusing the inputs at all, but merely using F1 (from 

the left ear, for example) to identify height, and F2 (from the right) to identify frontness. They could 

then combine these abstract features at a central level to identify the vowel without fusing the auditory 

percept into a single percept. In this case, the predicted accuracy would be simply the product of 

height accuracy using F1 and backness accuracy in F2. Across the sample, this was 57.5%, far less 

than the average in the duplex condition (80.3%). To evaluate this statistically, this predicted accuracy 

was computed for each subject, and compared to their own dichotic listening accuracy. The 

redundancy gain score was significantly lower (t(13)=4.91, p<.0001), suggesting that the excellent 

dichotic performance derived substantially from fusion. 

2.3 Discussion 

These results validate the basic paradigm. NH listeners performed well in the combined condition 

and equally well for both dichotic modes. However, performance suffered a large decline between 

dichotic and mono presentations. This suggests listeners’ strong dichotic performance condition was 

0.25

0.5

0.75

1

C
o
m

b
in

e
d

F
1
L
 / F

2
R

F
2
L
 / F

1
R

F
1

F
2

Combined

Dichotic

Mono

P
ro

p
o

rt
io

n
 C

o
rr

e
c
t

Figure 1: Vowel identification performance as a function of condition for NH subjects. 
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not likely the result of redundancy between the two ears; rather they were doing something that can 

be described as fusion. The fact that listeners retained some ability to identify the vowels in the mono 

condition suggests that each formant individually was not truly non-informative. Nonetheless, our 

analysis of the errors suggests that this performance cannot be accounted for by simply extracting one 

vowel feature (frontness or height) from each ear and combining the results. Rather, listeners had to 

fuse the inputs to attain this level of performance. We next apply this logic to a variety of CI users. 

3. Experiment 2 

3.1 Methods 

Subjects. Subjects consisted of 28 CI users of various configurations (Bilateral: N=8; Bimodal: 

N=9; Hybrid: N=2; SSD: N=9). Subjects were classified as bimodal or hybrid if they had better than 

75 dB (unaided) at least two frequencies in the contralateral (bimodal) or implanted (hybrid) ear. 

Subjects were classified as SSD if they had NH (PTA < 20 dB) on the unimplanted ear. Subject 

demographics and hearing status are provided in Table 1. Our planned sample size is 15 subjects / 

group; thus analyses are preliminary. Given the small sample of hybrid CI users (so far), hybrid and 

bimodal CI users were collapsed into a single A+E group. 

Stimuli and Design. Stimuli and design were identical to Experiment 1. 

Procedure. Prior to the experiment, the listener’s hearing devices were connected directly to the 

audio output of the computer via custom direct-connect cables, or in some case via Bluetooth (for 

some hearing aids). For hybrid CI users, sounds were only presented to the hybrid CI (and hearing 

aid) – the other ear was not used. For SSD subjects, audio was presented by soundfield to the NH ear, 

and by direct connect to the CI (with the microphone off). This ensured that the left or right channel 

was only presented to the intended ear or modality. Other procedures were the same as Experiment 1.  

3.2 Results 

In examining dichotic performance the left ear/right ear distinction was not the most important in 

CI users. More important was which ear had a hearing aid (or implant). Thus, for considering 

performance in the dichotic condition, for A+E listeners we classified the condition as a preferred 

dichotic condition when F1 was sent to the acoustic mode and F2 to the CI (and the converse was 

dispreferred). This was done regardless of which ear had the hearing aid. Hybrid patients used a 

similar criterion (but on the same ear). We adopted the same scheme for SSDs for consistency (though 

there is no reason to think that F1 would be preferred for the NH ear over F2). For bimodals, we used 

the ear they favored (if the subject reported one) or the first-implanted ear otherwise as the preferred 

ear (again, this was largely for consistency’s sake and was not predicted to make a large difference). 

Figure 2 shows the results averaged over all groups. In the combined condition, all three groups 

showed similarly strong performance to the NH listeners in Experiment 1. Similarly, CI users 

performed roughly the same as the NH listeners for the mono condition. However, in contrast to 

Experiment 1, all three groups showed a marked decrement in performance in dichotic listening from 

the combined condition. Dichotic performance was not always as poor as in the mono condition. In 

bilateral CI users, this was seen for both dichotic conditions; for A+E and SSD listeners it was seen 

for the “preferred” conditions in which F1 was presented to the acoustic ear. It is not surprising that 

A+E listeners were much poorer in the dispreferred dichotic conditions as for many of them, F2 

presented to the acoustic side would be inaudible (it was too high frequency). 

We did not wish to make strong comparisons between CI users and the NH listeners of Exp 1 (since 

NH listeners are not age-matched to the CI sample). However, we wanted to determine if performance 

in the combined and mono conditions was comparable between CI and NH subjects, to determine if 

the CI users performed similarly to NH when listening did not require fusion. This was done with an 

ANOVA examining condition (combined vs. mono) and group (all four). There was no main effect of 

Table 1 – Summary of CI users in Experiment 2 

Configuration N Age Age of Deafness PTA (<1500 Hz) PTA 

Bilateral 8 56.3 34.3 - - 

Bimodal 9 61.0 33.3 61.7 dB 69.4 dB 

Hybrid 2 54.9 42.0 78.8 dB 90.0 dB 

SSD 9 54.6 45.8 14.8 dB 23.8 dB 
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group (F<1) or no group × condition interaction (F<1). Individual t-tests confirmed that each CI group 

did not differ from NH. This suggests that CI users and NH listeners performed similarly in the two 

conditions that did not require fusion. 

Next, we analyzed just the CI users with a mixed ANOVA examining condition (within-subject) 

and listener group (between). There was a no effect of listener group but a significant main effect of 

condition (F(3,75)=76.9, p<.0001). The latter was driven by significant differences between combined 

and both dichotic conditions (vs. preferred: F(1,25)=87.9, p<.0001; vs. dispreferred: F(1,25)=121.9, 

p<.0001); and between each dichotic condition and the mono condition (preferred: (F(1,25)=55.5, 

p<.0001; dispreferred: F(1,25)=4.34, p=.047). The condition × listener group interaction was 

significant (F(6,75)=2.46, p=.032). This was driven by the fact that the bilateral users showed no 

difference between the two dichotic listening conditions (t(7)=0.16, p>.2) and both other groups did 

(A+E: t(10)=2.78, p=.02; SSD: t(8)=3.75, p=0.006).  

To determine if true fusion was occurring, we again computed the predicted dichotic performance 

assuming only redundancy. For all three groups, predicted performance equaled or exceeded 

performance in each dichotic condition (Figure 2B) . This contrasted with the NH listeners where 

predicted performance was lower than the observed dichotic performance. This suggests that any 

above-threshold performance in the dichotic listening conditions is likely to be due to late stage 

combination of vowel features (height and backness) that are identified separately in each ear or mode. 

Finally, there is marked variability among CI users. This is particularly true in bimodal and hybrid 

users where residual hearing thresholds and ranges differ markedly, but there is also variation among 

bilateral users depending on factors like simultaneous or sequential implantation. While group level 

averages suggest that CI users as a whole do not fuse inputs from both ears or modes, we inspected 

individual level data to determine if anyone showed integration (Figure 3). Of the 28 listeners, only 

two showed dichotic performance that was equal to combined: Subjects 38 (bilateral) and 24 (bimodal). 

Notably both hybrid users showed a failure to fuse despite the fact that they had to fuse between inputs 

in the same ear, and all SSD listeners failed to fuse despite normal hearing on the contralateral ear. 

3.3 Discussion 

Experiment 2 shows no support for the hypothesis that CI users are capable of fusing inputs across 

ears or modes. Unlike the NH listeners in Experiment 1, they showed a marked decrement in dichotic 

listening conditions (Figure 2A). This was observed in 26 of the 28 listeners. Further, dichotic 

listening never exceeded what would be predicted by a purely additive model that performed speech 

perception on each ear individually and combined the results. While these results should be treated as 

preliminary since data collection is not complete (particularly with respect to hybrid listeners where 

only two listeners have been tested), they nonetheless show a surprisingly consistent lack of fusion. 

4. Conclusions 

Preliminary data from our experiments suggest that CI users do not fuse inputs across multiple 

ears, or possibly across different kinds of inputs from the same ear. This does not appear to differ 

across configurations – even SSD listeners show the effects. It unclear why they are failing at this, 

Figure 2: A) Vowel identification as a function of condition for three groups of CI subjects. B) 

Vowel identification in the two dichotic listening conditions compared to predicted performance 

based on the two mono conditions. 

A

0.25

0.5

0.75

1

Bilateral A+E SSD

Combined

Dichotic
(preferred)

Dichotic
(dispreferred)

Mono

P
ro

p
o

rt
io

n
 C

o
rr

e
c
t

B

0.25

0.5

0.75

1

A+E Bilateral SSD

Dichotic
(preferred)

Dichotic
(dispreferred)

Predicted

6566



 

 

and future work (potentially with NH listeners) should evaluate things like the relative timing of the 

signal from each implant (or the hearing aid), the level of spectral degradation, or whether this is a 

result of long-term exposure to CI input (or if it can be ameliorated by adaptation).   

Importantly, however, it suggests that the frequently reported gains for bilateral and A+E 

configurations do not derive from true fusion. That is listeners do not form an integrated auditory 

percept and then perform speech perception (or other auditory processing) on this unified image. 

Rather, our results are more consistent with a more heuristic form of integration. Listeners may, for 

example, form two auditory percepts, perform speech perception twice, and integrate the results (for 

a redundancy gain). Or they simply may take advantage of cues that are not available without these 

modes, for example A+E listeners can use pitch to segment, or bilateral users may utilize head shadow 

to parse speech from noise. It remains to be seen if there are auditory rehabilitation or signal 

processing techniques that can help them achieve true fusion. 
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Abstract
Computational models are a way of approaching research questions related to auditory perception. One rele-
vant question is how we are able to follow and understand speech in complex acoustic scenes. Previous studies
suggest that for tracking a speaker in such conditions, humans use (1) sparse, speaker-related bits of robust
information - ’auditory glimpses’ and (2) a mechanism of predictive coding with a movable locus of attention.
The goal of the present study is to develop a computational model for attentive tracking of voices, which takes
these two aspects into account. We model auditory glimpses using Glimpsed Periodicity Features and predictive
coding using Recursive Bayesian Estimation. We assume that perception is organized into an attended fore-
ground and unattended background. We propose parallel particle filters - one for each category - to track the
concurrent events. In this approach, each incoming glimpse is associated with either foreground or background
based on accumulated evidence. Simulations with artificially generated data of a ’glimpsing’ nature (sparse,
robust) showed that this approach is suitable to track multidimensional parameter trajectories of two competing
sources. This suggests the potential of the method to track simultaneously active voices based on the Glimpsed
Periodicity Features.
Keywords: Computational Auditory Scene Analysis, Particle Filtering

INTRODUCTION
Human listeners can segregate the sound mixture into streams and attentively follow a desired voice. This perceptual
ability can be described as a combination of the top-down and bottom-up processes: On one hand, it is a result of
bottom-up processing, i.e. simultaneous grouping ([3]) of the sound components available at a time instance by
the similarities in their physical properties like harmonic structure, time onset or spatial direction ([7]). Previous
studies suggest that in complex acoustic conditions the auditory system may use primarily undisrupted pieces of
information - auditory glimpses, which provide reliable cues for simultaneous grouping and can be processed with
single-voice models ([14, 19, 2, 6]).
On the other hand, to attentively track a voice the auditory system has to decompose those sparsely occurring
salient glimpses into streams of information and then maintain them over time. We know that sequential grouping
([3]) is possible when the perceptual distance between the components of the individual streams is large enough
([22]). However, it has been furthermore shown, that attentive tracking is possible even if there are no constant
dissimilarities between the competing voices and their properties vary in time ([24]). This speaks for the theory
that sequential grouping uses the contextual knowledge to integrate the information over time. Another obviously
essential aspect that influences both the decomposition of the auditory glimpses into streams as well as holding on
to the desired streams is attention ([8]).
Many recent studies propose Bayesian estimation as a computational framework that integrates the bottom-up and
top-down processes including attention ([21, 16, 23, 18, 4, 5, 11, 9]). We present a computational model of attentive
tracking of voices, which takes the above-discussed aspects into account and thus contributes to understanding
the speech perception in complex auditory scenes. The novelty of this approach lies in integrating the Glimpsed
Periodicity Features ([12]) and probabilistic knowledge models into a Bayesian sequential estimation framework.
We also report the results of preliminary numerical simulations.
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MODEL
We model an auditory scene consisting of two simultaneously active voices - foreground and background voice.
Each voice is characterised by a hidden state vector, defining the most important properties (fundamental frequency
F0, first two formant frequencies F1 and F2 and direction of arrival α) at a given time instance t:

~s f g(t) =


F0 f g(t)
F1 f g(t)
F2 f g(t)
α f g(t)

 , ~sbg(t) =


F0bg(t)
F1bg(t)
F2bg(t)
αbg(t)

 . (1)

The scene analysis task - attentively following one voice in the presence of the second voice - is represented as
simultaneous tracking of the hidden states of both voices ~s f g(t) and ~sbg(t).
At the input to the model, we have a time frame of the binaural signal containing the mixture of two competing
voices. At the output, we receive the estimate of a temporal state of the foreground (attended) and background
(unattended) voice - ~̂s f g(t) and ~̂sbg(t). Although we track both voices, the tracking of the attended voice is, in
contrast to the tracking of unattended voice, initialized using an informative prior (see 2.4.1). In this study, we
focus on tracking one dimension of the hidden state - fundamental frequency F0, which yields:

~̂s f g(t) = F0 f g(t), ~̂sbg(t) = F0bg(t). (2)

The computational framework that we propose for modeling attentive tracking, is depicted in Figure 1. The
glimpsed feature extraction stage (Fig. 1A.) simulates bottom-up processing of the auditory system - salient pe-
riodicity glimpses are extracted from the binaural input signal. The glimpsed feature grouping stage assigns the
sparse glimpses into competing auditory streams (Fig. 1B.). Foreground and background glimpses enter the state
estimation stage (Fig. 1C.), which simulates the inference in the auditory system. It consists of two parallel par-
ticle filters, which sequentially estimate the foreground and background hidden state in a Bayesian framework. It
requires probabilistic models (PMs), that simulate the top-down world knowledge (Fig. 1D.) - perceptual and con-
textual knowledge that the human brain has learned throughout life as well as the temporal attention.

Figure 1. Schematic representation of the computational framework for modeling the attentive tracking.
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Figure 2. Example of glimpsed periodicity pattern. ~omix(t) is the total information that is available to the model at the input. It
consists of glimpse multi-sets in 23 frequency channels G(t,c), that contain individual glimpses P(t,c,m), which indicate periods
that are in the best alignment with the periodicity of the signal. Glimpse multi-sets G(t,c) are assigned either to foreground or to
background, yielding observations~o f g(t), and~obg(t). All plots present the average glimpse pattern that results from accumulating
glimpses extracted from a 5 s of a mixture of vowel A at 242 Hz and vowel U at 115 Hz.

2.1 Glimpsed feature extraction
The feature extraction stage simulates how the acoustic signals at the eardrums are transformed into feature space,
used in the further processing of the auditory system. In our model, we use the approach developed in [12, 13, 14],
which simulates the extraction of auditory glimpses, predominantly used in complex acoustic environments. The
core idea of the method is to use periodicity as a footprint of speech in a sound mixture ([17]). The feature
extraction stage, consisting of auditory pre-processing and periodicity analysis, reveals the dominant periods in
different frequency bands, here considered as glimpses (See Figure 2). We define the output of the feature extraction
at time instance t as an observation vector ~omix:

~omix(t) = {G(t,c), |c = 1, ...,23}, (3)

where G(t,c) is a glimpse multi-set in channel c, containing M(t,c) salient periodicity values P(t,c,m):

G(t,c) =
M(t,c)⊎
m=1

P(t,c,m). (4)

The fundamental property of the glimpsing approach is that it gets rid of all the noisy components and passes a
’data point’ containing only clean bits of information, that are sparsely available in the signal. Number of glimpses
in an observation vector ~omix(t) may thus vary, depending on the complexity of the input signal.

2.2 Glimpsed feature grouping
This stage of the model simulates how the bottom-up cues are assigned to established auditory streams. The ob-
servation vector ~omix(t) with the glimpses is, analogously to (2), decomposed into foreground observation vector
~o f g(t) and background observation vector ~obg(t), i.e,. each glimpse multi-set G(t,c) is assigned to either ~o f g(t) or
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~obg(t).
~o f g(t) = {G(t,c) ∀ c | p

(
G(t,c)|~̂s f g(t)

)
> p
(
(G(t,c)|~̂sbg(t)

)
}

~obg(t) = {G(t,c) ∀ c | p
(
G(t,c)|~̂s f g(t)

)
< p
(
(G(t,c)|~̂sbg(t)

)
} (5)

The decision is made by evaluating the observation statistics at the previous state estimate and choosing the more
likely stream for each multi-set.

2.3 State estimation
This stage of the model simulates how the auditory system integrates the bottom-up sensory input with the top-
down knowledge in order to make sense of an auditory scene. Numerous studies mention Bayesian estimation as a
plausible model of the inference in the human brain both in a general view on cognition ([18, 4, 5]), as well as in the
context of auditory perception ([20, 11, 9]). According to the Bayesian view on the perception, the brain generates
expectations using top-down knowledge and recursively compares them with the information ’at the output of’
sensory organs.
We follow this line of research and use two parallel particle filters (PF) - one responsible for the foreground and
one for the background. PFs sequentially calculate the estimates of the foreground and background state - ~̂s f g(t)
and ~̂sbg(t), using PMs provided by the World knowledge. PMs and their counterparts in the auditory system are
discussed in the following section.

2.4 World knowledge
Sensory information collected from the environment is often ambiguous. To interpret it correctly, the human brain
most likely uses high-level cognitive information - here called the world knowledge. It includes conceptual knowl-
edge, that is evolutionally hard-wired or learned by experience, and goal-oriented attention.

2.4.1 Attention prior
Attention can be seen as process that dictates the allocation of the limited neural resource ([23]). A common
approach of modeling attention in a Bayesian framework is to treat it as prior information, which guides the expec-
tation and reduces the number of possible explanations of the stimulus. In our modeling framework we differentiate
between the attended and the unattended voice. The initial expectation is represented as:

p
(
~s f g(0)

)
= N

(
~s f g(0);Σ = diag(10∗σ

)
), σ =


σF0 = 0.5
σF1 = 1
σF2 = 5
σα = 1

 .

p
(
~sbg(0)

)
= 1− p

(
~s f g(0)

) (6)

The initial hypotheses set is drawn from a normal distribution centered around the true initial state of the voice,
whereas for the unattended voice the hypotheses are drawn from a distribution covering ’everything but the attended
voice state’.

2.4.2 State transition
The evolution of the fundamental frequency, formants, and DOA in time is naturally limited due to physical con-
straints of the speech production process. Throughout life, human listeners internalise this knowledge and are able
to use it to predict the incoming events. In our attentive tracking model, we simulate this knowledge by the state
transition PM:

p
(
~s(t)|~s(t−1)

)
= N

(
~̃s(t),Σ = diag(σ)

)
, (7)
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which is the model of temporal transitions of the state and is the same for attended and unattended voice ([1]).
We use a normal distribution centered at the ~̃s(t), which is a state value extrapolated from the two previous time
instances. We additionally make sure that the extrapolated value stays in the reasonable range for a given dimension
(for example, F0 will never exceed 400 Hz).

2.4.3 Observation statistics
Humans can follow voices, even in the presence of complex background noises, that they have never heard before.
It suggests that, in such complex acoustic conditions, the human brain is able to always relate the voice components
in the noisy input to the abstract representation of a clean voice. In our modeling framework, it is simulated by the
observation statistics PM: p

(
~o(t)|~s(t)

)
. This function provides the mapping between the observation space and the

state space. To evaluate a probability of the incoming observation given a particular state value (in this case the
one-dimensional state ~s(t) = F0(t)) we first compute the probability of a single glimpse. We assume that auditory
system can resolve up to 11 harmonics of F0, therefore our probabilistic model is defined as a mixture of 11 circular
von-Mises distributions (M ):

p
(
P(t,c,m)|~s(t) = F0(t)

)
=

11

∑
n=1

Cn ·M
(P(t,c,m)

1
n∗F0

·2π,κ
)
, (8)

where P0n = 1
n∗F0 is the period corresponding to the n− th harmonic and Cn is a normalising constant, which

reduces the contribution of the probability associated with the higher harmonics of F0 (as the evidence collected
based on them is more ambiguous). The probabilities of glimpses within one channel c are multiplied

p
(
G(t,c)|~s(t) = F0(t)

)
=

M(t,c)

∏
m=1

p
(
P(t,c,m)|F0(t)

)
(9)

and the support from different channels is accumulated with a sum, so that the final probability of a full observation
(either foreground or background) given a state is defined as:

p
(
~o f g(t)|~s(t) = F0(t)

)
= ∑

c
p
(
G(t,c)|F0(t)

)
∀ c | G(t,c) ∈~o f g(t)

p
(
~obg(t)|~s(t) = F0(t)

)
= ∑

c
p
(
G(t,c)|F0(t)

)
∀ c | G(t,c) ∈~obg(t)

(10)

EXPERIMENTAL EVALUATION
3.1 Stimuli generation
We follow the concept from a psychoacoustic study [24], which investigated the human ability to attentively track
one of two competing voices. We use two synthetic voices with time-varying parameters represented as hidden state
trajectories, which define the state of the system in each time instance (see Figure 3):

T~s f g = {~s f g(t)|t = 0, ...,T} and T~sbg = {~sbg(t)|t = 0, ...,T}, (11)

where T = L
0.02 and L is the length of the signal in seconds.

We generate each state trajectory as a random walk that evolves according to a predefined state transition PM. Based
on state trajectories, we generate binaural acoustic signals. We use the Klatt formant synthesiser ([15]) for gener-
ating signals with varying fundamental frequency and formants, and TASCAR ([10]) to auralise the time-varying
direction of arrival.
Each trial in our numerical experiment consists of two simultaneously active voices. We use the parallel particle
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filters to track one dimension (fundamental frequency) of state vectors for each voice. One voice is always con-
sidered to be the foreground (attended) voice and one particle filter is initialized with the ground truth information
about the initial state of the voice. In each trial we obtain estimated state trajectories:

T~̂s f g
= {~̂s f g(t)|t = 0, ...,T} and T~̂sbg

= {~̂sbg(t)|t = 0, ...,T} (12)

which we compare with the hidden state trajectories to evaluate the tracking performance.

Figure 3. a) First three dimensions of a hidden state trajectory for
foreground and background voice. b) Estimated state trajectory (F0)
plotted together with the hidden F0 trajectory. c) Evolution of hy-
potheses in the particle filters while estimating foreground and back-
ground voice. Time axis of b) and c) is given in time instances t
(sampling frequency FSt=50 Hz)

3.2 Performance measures
We compare the hidden with the estimated
state trajectories to evaluate tracking per-
formance. We are specifically interested in
how well our system can track the fore-
ground (attended) voice in the presence of
the second (background) voice. The follow-
ing performance measures are used:

• RMSE - the root mean square error
between the hidden F0 trajectory and
estimated F0 trajectory.

• Hit rate ROC - We count a number
of times one of the estimated trajec-
tories is within a certain range r from
the hidden trajectory of a target. For
varying r, we compute the number
of hits (when the estimate of fore-
ground causes a hit) and the number
of false alarms (when the estimate of
the background causes a hit). We plot
the ROC curve - hit rates against the
false alarm rates. The area under this
curve (AUC) quantifies detection per-
formance.

RESULTS
We computed performance measures based
on 100 experiment trials, each of which contains 1.5 s signal with competing voices that follow randomly generated
parameter trajectories (different in each trial). We obtain the median RMSE of 3.9351 Hz with the interquartile
range of 4.5617 Hz, which shows the ability of the auditory model to precisely track F0 of the target voice. The
ROC curve (See Figure 4) also shows that the system estimates are good enough to use them for the detection of
the attended voice in the presence of the second voice with a very high accuracy - the area under the curve (AUC)
of 0.9793 and sensitivity index d′ of 2.8850.

CONCLUSIONS
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Figure 4. ROC curve of the target detection
task.

In the current study, we presented our computational model of at-
tentive tracking in the human auditory system. The novelty of the
model lies in revising the recently investigated aspects of the hu-
man auditory system and representing them in the computational
world as a unique collection of methods. Our modeling frame-
work consists of glimpsed periodicity feature extraction simulat-
ing sensory input, glimpsed feature grouping simulating grouping
of sensory input into streams, and recursive Bayesian estimation
simulating sequential inference in the auditory scene. The latter
integrates probabilistic models simulating an abstract representa-
tion of a clean voice, as well as attention. This study serves as an
overview of our modeling approach. The preliminary results prove
the usability of the model for binary decision tasks. They will be
a basis for designing a numerical simulation of the psychoacoustic
study on attentive tracking of voices ([24]). In the near future, the model results will be compared with the psy-
choacoustic data. We also plan to further investigate the performance of the model for different noise types. Future
work in this project will lead towards tracking multiple parameters of the voices, which will require expanding the
feature and the state space and advancing the PMs, potentially with probabilistic machine learning approaches.
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[13] A. Josupeit, N. Kopčo, and V. Hohmann. Modeling of speech localization in a multi-talker mixture using
periodicity and energy-based auditory features. The Journal of the Acoustical Society of America, 139(5):2911–
2923, 2016.

[14] A. Josupeit, E. Schoenmaker, S. van de Par, and V. Hohmann. Sparse periodicity-based auditory features
explain human performance in a spatial multitalker auditory scene analysis task. European Journal of Neuro-
science, 2018.

[15] D. H. Klatt. Software for a cascade/parallel formant synthesizer. the Journal of the Acoustical Society of
America, 67(3):971–995, 1980.

[16] J. Nix and V. Hohmann. Combined estimation of spectral envelopes and sound source direction of concurrent
voices by multidimensional statistical filtering. IEEE transactions on audio, speech, and language processing,
15(3):995–1008, 2007.

[17] S. Popham, D. Boebinger, D. P. Ellis, H. Kawahara, and J. H. McDermott. Inharmonic speech reveals the role
of harmonicity in the cocktail party problem. Nature communications, 9(1):2122, 2018.

[18] A. Pouget, J. M. Beck, W. J. Ma, and P. E. Latham. Probabilistic brains: knowns and unknowns. Nature
neuroscience, 16(9):1170, 2013.

[19] E. Schoenmaker and S. van de Par. Intelligibility for binaural speech with discarded low-snr speech compo-
nents. In Physiology, psychoacoustics and cognition in normal and impaired hearing, pages 73–81. Springer,
Cham, 2016.

[20] E. Schröger, A. Marzecová, and I. SanMiguel. Attention and prediction in human audition: a lesson from
cognitive psychophysiology. European Journal of Neuroscience, 41(5):641–664, 2015.

[21] C. Spille, B. Meyer, M. Dietz, and V. Hohmann. Binaural scene analysis with multidimensional statistical
filters. In The technology of binaural listening, pages 145–170. Springer, 2013.

[22] L. S. van Noorden. Temporal coherence in the perception of tone sequences. PhD thesis, Eindhoven University
of Technology, 1975.

[23] L. Whiteley and M. Sahani. Attention in a bayesian framework. Frontiers in human neuroscience, 6:100, 2012.

[24] K. J. Woods and J. H. McDermott. Attentive tracking of sound sources. Current Biology, 25(17):2238–2246,
2015.

6576



 

PROCEEDINGS of the  
23rd International Congress on Acoustics  
 

9 to 13 September 2019 in Aachen, Germany 

 

 

 

Prediction of speech intelligibility based on deep machine listening: 

Influence of training data and simulation of hearing impairment 

Jana ROẞBACH1; Birger KOLLMEIER2; Bernd T. MEYER3 

1,2,3 Medical Physics and Cluster of Excellence Hearing4all, Carl von Ossietzky Universität Oldenburg, Germany 

ABSTRACT 

An accurate prediction of speech intelligibility (SI) is a useful tool for the development of speech 

enhancement algorithms; if a model is blind it could also serve as real-time SI monitor in real-world 

applications. A blind processing strategy implies that speech or noise references are not used for predictions. 

Previous work [Spille et al. (2018), Comp. Speech & Lang. doi:10.1016/j.csl.2017.10.004] introduced an 

accurate SI model using automatic speech recognition based on a deep neural network, which however had 

access to a priori information about the noise signal. This current work investigates model predictions for 

mismatched noise with the speech reception threshold (SRT) as target measure. Moreover, we simulate 

hearing impairment to explore if SI can also be predicted for hearing-impaired listeners. For similar but 

mismatched noises, we obtain an SRT RMSE of 1.5 dB in contrast to 1.9 dB obtained with the previous 

model. Further, several baseline models (SII, ESII, STOI, and mr-sEPSM) are outperformed. The 

hearing-impaired model reached an RMS error of 4.2 dB which is less accurate as for normal-hearing 

listeners. This result has been expected because of the larger variety in the SI of hearing-impaired listeners. 

 

Keywords: speech intelligibility, deep neural networks, automatic speech recognition 

1. INTRODUCTION 

Communication and speech intelligibility (SI) are essential for social interaction in everyday life. 

Additive noise can negatively affect SI, and the strength of this influence depends on the type and 

relative level of the masker as well as on the individual hearing ability. 

Speech enhancement algorithms have the potential to increase SI. During their development 

process, it is often informative to assess their influence on the SI. One option is to perform SI 

measurements with subjects, but this is very time-consuming and expensive. By using a model with an 

accurate prediction of SI, this effort can be reduced. 

In the last decades, several models have been developed to predict the SI but all of them need a 

different amount of a priori knowledge for the prediction. An interesting question is whether it is 

possible to develop completely reference-free models which could be used for SI monitoring in 

real-world scenarios. 

Spille et al. [1] developed a SI prediction model based on automatic speech recognition (ASR) that 

uses a deep neural network (DNN) as acoustic model. This model does not need the separated signals 

but requires a different kind of reference since it used identical noise signals for training and testing of 

the ASR system. 

To investigate if the use of the identical noise signals leads to an overfitting of the model, we 

modified the training procedure. We used only similar noises for training and testing instead of the 

identical noise. Additionally, we included hearing impairment to the model to investigate if the SI of 

hearing-impaired listeners can also be predicted.   
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2. METHODS 

2.1 Stimuli 

The speech material for the ASR training as well as for the listening experiments was the Oldenburg 

sentence test (OLSA) [2]. It is a matrix test with the structure name, verb, number, adjective, object  

(e.g. “Peter buys eighteen wet shoes”), containing 120 different sentences. For the ASR training the 

same sentences were used but recorded from 20 different speakers (10 male, 10 female) with a total 

length of ten hours [3]. 

To mask the speech signals, eight different noise types were used. The speech shaped noise (SSN), 

the sinusoidal SSN (SAM-SSN), the SSN multiplied with the envelope of a broadband speech signal 

(BB-SSN) and the across frequency shifted SSN (AFS-SSN) are all based on an international speech 

signal (ISS) with a length of 11 hours. Furthermore, a noise vocoded version of the ISS (NV-ISS), a 

single talker (ST) and a noise vocoded version of the ST (NV-ST) were used for masking. Each noise 

signal was split into 80 % for the ASR training and 20 % for the testing.     

2.2 ASR Training and Testing 

The first step of the ASR training is the calculation of the amplitude modulation filter bank 

(AMFB) features [4] of the mixed audio signals (speech and noise). This is a decomposition of the 

signal into sub-band amplitude modulation frequency components. For this purpose, a short-time 

Fourier transform, the application of a mel-filter bank, a discrete cosine transform and an analysis of 

the amplitude modulations are performed. The AMFB features are the inputs for the DNN that maps 

feature inputs to phoneme categories (in our case context-dependent triphones). The network is a fully 

connected feed-forward model with seven hidden layers and 2048 units per layer.  The DNN output is 

processed by a hidden Markov model to find the transcript that is most likely given the triphone 

estimates. The resulting model is referred to as automatic speech intelligibility prediction model 

(ASIP) in the following.  

The training was carried out with the recorded sentences of the OLSA. The speech files were mixed 

with the eight noise types at random signal to noise ratios (SNRs) between -10 and 20 dB, resulting in 

80 hours of mixed sound files. For the ASR testing, the original recordings of the OLSA sentences 

were used. These were mixed at 400 random SNRs between -30 and 20 dB with each of the noises 

types to sample the psychometric functions. 

2.3 Inclusion of Hearing Loss in the Model 

The individual prediction for hearing-impaired listeners was done by including the hearing loss 

into the calculation of the AMFB features. After the application of the mel-filter bank, a comparison of 

the magnitudes and the individual threshold takes place. All magnitudes which were smaller than the 

threshold were raised up to the threshold. 

2.4 Listening Experiments 

To verify the predictions of the model, we compared our data with the listening experiments of 

Schubotz et al. [5] who measured the OLSA with eight normal-hearing listeners for the same eight 

noise types as described in 2.1. Moreover, listening experiments with hearing-impaired listeners were 

performed to check the prediction accuracy of the model for this group of listeners. The subjects either 

had a very mild, mild or moderate hearing loss and were between 53 and 80 years old (median 71 

years). 

2.5 Comparative Models 

To evaluate the model predictions, five comparison models were used. Four of them are established 

baseline models and the other is the original model of Spille et al. [1]. All of them need a different 

amount of a priori knowledge. The speech intelligibility index (SII) [6] and the extended speech 

intelligibility index (ESII) [7] require separate speech and noise signals. The short-time objective 

intelligibility measure (STOI) [8] needs the clean speech and the multi-resolution speech envelope 

power spectrum model (mr-sEPSM) [9] requires information about the type of speech material (e.g. 

single words, meaningful or meaningless sentences). The ASR based model of Spille et al. [1] knows 

the noise signal from the training and needs the transcripts for the SI prediction.  
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3. PRELIMINARY RESULTS AND DISCUSSION 

To quantify the differences between the subjects and the model predictions, the root mean squared 

error (RMSE) was calculated for the ASR models and also for the baseline models SII, ESII, STOI and 

mr-sEPSM. The results are listed in Table 1. The RMSE of ASIP for normal-hearing listeners is close 

to the results of the original model, and both outperform the baseline models. The RMSE of ASIP for 

hearing-impaired subjects is larger, but since individual predictions were being made (based on the 

listener’s audiogram) this prediction is a more difficult task than the prediction of averaged data from 

NH listeners. Nevertheless, the RMSE of ASIP HI is smaller than the RMSE of three of the baseline 

models with normal-hearing predictions. Perhaps the model predictions for hearing-impaired listeners 

can be improved by inserting additionally a distortion component instead of using only the pure tone 

audiogram. 

 

Table 1 – Root mean square error (RMSE) of the SRT 50 prediction for different baseline models 

[5], the DNN based model of Spille et al. [1] and the current study. The current study is split in the 

predictions of ASIP for normal-hearing listeners and hearing-impaired listeners. 

 Baseline models ASR models 

 SII ESII STOI mr-sEPSM Spille ASIP NH ASIP HI 

RMSE in dB 7.9 5.6 9.2 3.5 1.9 1.6 4.2 

 

4. CONCLUSION 

The results of the modified model are similar to the results  of the original model [1], which means 

that overfitting is not an issue with the DNN-based SI model. The modification of the training 

procedure is one step in the direction of creating SI models that do not require a speech or noise 

reference. The speech intelligibility can also be predicted for hearing-impaired listeners, but the model 

could be extended by a distortion component to increase the accuracy for this group of listeners. In 

future work, different schemes for including hearing impairment into the model will be explored.  
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ABSTRACT 
We examined the effects of emotional expression (neutral emotion, happiness, and sadness) on a speaker’s 
age perception in visual and audiovisual condition. Although many researchers have explored the effect of 
aging on cognitive mechanisms, the effects have not been explored in the view of modalities. In auditory 
perception on age, Shigeno (1) revealed that a happy (cheerful) voice makes a speaker sound younger. On the 
other hand, in visual perception of age, the results are not consistent; a smiling face photo makes a speaker 
look younger (2) or look older (3). The discrepant findings among researchers might be because facial 
expression photographs capture just the moment of emotional climax of a face. The present study used 
emotional videos instead of photographs. Participants were asked to identify the ages of twenty-four 
Japanese native speakers, whose ages were 24–75 years. We compared the identification results between two 
conditions (visual-only and audiovisual) to examine whether audiovisual happy expressions give younger 
impression to perceivers than neutral emotion or sadness. The results showed that facial expression does not 
increase or degrade the effect of vocal emotion. We discussed the integration process of vocal and facial 
emotion in age perception. 
 
Keywords: Age perception, Audiovisual, Younger or older 

1. INTRODUCTION 
In our daily communication, a speaker’s voice is a cue as important as facial information for estimating 

his/her age. We often become aware of a speaker’s emotions only from his/her voice, as for instance in a 
telephone conversation. Moreover, we often do not look at a speaker’s face well even in a face-to-face 
situation (4). Therefore, it is surprising that the effect of emotional voices on speakers’ age perception 
remains uninvestigated, except in Shigeno (1), although many researchers have explored the effect of aging 
on cognitive mechanisms (visual/auditory/multimodal): age differences on cross-modal emotional matching 
and identification (5); age-related effects on emotion recognition (6); speakers’ perceived ages through 
reading voice (7); subjective age estimation of telephone voices (8); the accuracy of estimates of speaker 
age (9); the influences of speech rate and speech spontaneity on estimation of speaker age (10).  

Shigeno (1) tested the effect of emotional voices on speakers’ age perception and found that when a 
speaker spoke with a happy voice, participants estimated the speaker’s age to be younger than his/her 
chronological age. It was also found that this tendency in female happy voices was stronger than in male 
happy voices. When a speaker spoke with a sad voice, participants estimated the speaker to be older than 
his/her real ages. In the perception of vocal emotion, emotional information is mainly defined by pitch 
shifts of vowels (11, 12). An acoustical speech analysis of the emotional voices indicated that F0 was 
correlated with the pleasantness–unpleasantness dimension in a two-dimensional psychological space, 
when calculated by Multi-Dimensional Scaling (MDS) (13). Happiness had higher F0 than other emotions 
(11, 13). The F0 of younger people is higher than that of older people (particularly for women) (14). 
Considering these findings, the fact that a happy voice has a higher F0 is the most likely factor to provide a 
younger impression. 

It is generally believed that a smiling face makes a speaker look younger. Voelkle, Ebner, Lindenberger, 
& Riediger (15) found that facial expressions had a substantial impact on the accuracy and bias of age 
estimation and relative to other facial expressions, neutral faces were estimated most accurately, while    
––––––––––––––––––––––––– 
1 sshigeno@ephs.aoyama.ac.jp
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happy faces were most likely to be underestimated. By contrast, Ganel (3) reported that across different 
experimental conditions and stimulus sets, smiling faces were consistently perceived as older compared to 
the same persons’ neutral faces. Ganel (3) suggested that Voelkle et al.'s findings are due to observer failure 
to ignore smile-associated wrinkles, mainly along the region of the eyes. However, Wang et al. (2) and Hass 
et al. (16) again demonstrated that happy faces look younger and supported the results of Voelke et al. (15). 
The discrepant findings among researchers might be because a photograph captures just a certain moment 
of the emotional movement of a face. If the photograph captures the expression at an emotional climax, 
wrinkles of the face will be deepest. Considering these points, it is necessary to examine the perception of 
aging using video recordings of facial movement, instead of facial expression photographs, will be 
necessary. 

So far, the effects of speaker’s emotion on age perception are discrepant between audition and vision. In 
our daily lives, we usually estimate the ages of others by both their facial expression and vocal emotion. In 
speech perception, the visual information of articulatory movements influences the perception of speech: 
For example, participants presented with a discrepant syllable (an acoustic /ba/ with a visual /ga/) may 
believe that the speaker has uttered a fused syllable /da/ (17). The present study investigates the process of 
integration between facial expression and vocal emotion in the audiovisual perception of speaker’s age. 

In the present study, instead of using photographs of emotional faces, as Ganel (3) and other researchers 
did, we used videos of facial expression movements. Video gives a more precise impression of aging than 
photographs do, because with aging, the muscles gradually straighten and shorten, structural aging becomes 
visible, and with time, the expression of the subject becomes more rigid (18).  

2. METHOD 

2.1 Participants 
The participants with no known hearing disorders participated in the experiment for a partial course 

credit. In the VO condition, one hundred ninety-three participants (Mage = 20.4, SD = 1.2) were divided into 
three groups: neutral emotion, happiness, and sadness; each consisted of 59, 68, and 66 participants. In the 
AV condition, sixty different participants from the VO condition (Mage = 20.7, SD = 0.7) were divided into 
three groups: neutral emotions, happiness, and sadness; each group consisted of 20 participants. 

The participants provided written informed consent. The present study was approved by the Research 
Ethics Review Board of the College of Education, Psychology and Human Studies at Aoyama Gakuin 
University, Japan. Participants had previously received hearing tests at university health checkups. 

2.2 Stimuli 
The stimuli were the sample of emotional faces provided by 24 native Japanese actors, 24–75 years old, 

recruited from an agency and recorded on a MiniDV tape (SONY, ME DVM60). Each generation (where 
generation is defined as a decade in the series 20–70) comprised four actors (two of each gender) to avoid 
age-specific tendencies. The ages of the four actors in the current experiment were around the middle of 
each generation: the ranges were 24–26, 34–35, 45, 54–56, 64–66, 74–75 years.  

The speakers spoke short sentences in Japanese, namely “Hontou desu ka. Shinji rare masen,” which 
can be translated as “Is that true? I can’t believe it,” in English. These sentences were selected because we 
often hear them spoken in a happy context (e.g., “He told me about my promotion…”) and in a sad context 
(e.g., “I heard of his death…”). Each speaker spoke them while expressing a neutral emotion, happiness, 
and sadness, in turn. The speakers were required to use voice pitch (F0) in their vocal expressions of 
emotion, because this is one of the most important parameters of emotional voices (e.g., 9,11), although 
they could use other expressive features, such as speaking speed and/or loudness of voice. The same 
sample of speakers was used for both the visual-only experiment and the AV condition. Figure 1 shows 
three examples of emotional video scenes: neutral, happy, and sad. 

The utterances appeared in random order. One session consisted of 72 trials: 3 emotions 
(neutral/happy/sad) × 1 verbal stimulus (“Is that true? I can’t believe it.”) × 24 speakers. 

2.3 Procedure 
In the VO condition, the emotional videos without voices appeared in random order. The participants 

watched the speakers’ faces carefully and were judged the speakers’ ages. Sessions were conducted for 
every emotion (neutral/happy/ sad); each session consisted of 24 trials: one expression (“Is that true? I can’t 
believe it.”) × 24 speakers. This is because, as Ganel (3) showed, an experimental design that includes 
repeated presentations of faces of belonging to the same individuals bearing different expressions may bias 
overt age evaluations. Participants’ age evaluations would be biased through their conformity with the 
commonly held conviction that smiling faces are perceived as younger. To avoid this possibility, the present 

6582



 

 

 

design did not use multiple presentations of facial expressions belonging to the same person during the 
same experimental session.  

In the AV condition, on the other hand, the participants watched the speakers’ faces and listened to their 
voices carefully, focusing on the speakers’ ages. The other presentation conditions of stimuli were the same 
as in the VO condition. 

 

3. RESULTS  

3.1  VO condition 
To confirm whether the emotions of facial expression movements without voices were perceived as 

separate emotions (neutral emotion, happiness, or sadness), precedent to the age experiment, emotional 
facial expressions without voices were identified by 24 other participants (4 males, Mage = 21.5, SD = 
1.29; 20 females, Mage = 21.5, SD = 4.15). The averaged percentages of correct identification were as 
follows: neutral emotion, M = 56.4, SD = 21.2; happiness M = 94.6, SD = 12.6; sadness, M = 47.4, SD = 
14.8. It was recognized that neutral emotion and sadness were difficult to identify only based on the 
emotional faces (Table 1).  

The results of age judgments were averaged across all age groups and across both genders. Figure 2 
shows the average of the speakers’ perceived age as a function of emotion and speakers’ age. A two-way 
mixed-type ANOVA (emotion [neutral, happiness, and sadness] and speaker’s age [20s, 30s, 40s, 50s, 60s, 
and 70s]) was conducted on the estimated ages. The effect of emotion was not significant, F(2, 190) = 
0.033, p = .968, η2 = .000. A significant effect of age was found, F(2.562, 486.799) = 1633.96, p < .001, η2 
= .896. There was no significant interaction, F(5.124, 486.799) = 1.859, p = .098, η2 = .019. The results 
confirmed that younger speakers were perceived as younger and older speakers were perceived as older. 

The results did not support the results of Ganel (3), who indicated that the photos of smiling faces look 
older than those of neutral faces, nor the opposite results that the photos of smiling faces look younger than 
those of neutral faces (2, 15, 16). Instead, the present results indicated that there were no differences in 
perceived ages among three facial emotions: neutral emotion, happiness, and sadness.  

 

 

 

 

 

 

 

 

 

Neutral    Happiness    Sadness 

Table 1 – Average percentages of identification of facial emotion and standard deviations  

Figure 1 – Three emotional faces of one of the speakers . Scene examples from video recordings 
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3.2  AV condition 
To confirm whether the emotions of audiovisual emotional stimuli were perceived as a particular 

emotion (neutral emotion, happiness, or sadness), precedent to the age experiment, emotional audiovisual 
expressions were identified by the other 21 participants (4 males, Mage = 24.3, SD = 3.86; 17 females, 
Mage = 21.7, SD = 4.47). Averaged percentages of correct identification were the follows: neutral emotion, 
M = 53.4, SD = 18.5; happiness M = 95.6, SD = 4.8; sadness, M = 63.5, SD = 13.3. It was recognized that 
neutral emotion and sadness were not easy to identify based on the audiovisual emotional stimuli (Table 2). 

 

 

 

 

 

 

 

 

 
 
 
Figure 3 shows the average of the speakers’ perceived ages as a function of emotion and speakers’ ages. 

A two-way mixed-type ANOVA (emotion [neutral, happiness, and sadness] and speaker’s age [20s, 30s, 40s, 
50s, 60s, and 70s]) was conducted on the estimated ages. The effect of emotion was not significant, F(2, 
57) = 0.282, p = .755, η2 = .010. A significant effect of age was found, F(2.512, 143.173) = 1328.991, p 
< .001, η2 = .959. There was no significant interaction, F(5.024, 143.173) = 1.955, p = .089, η2 = .064. 
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Figure 2 – Perceived age of speakers when the emotions were presented visually 

Table 2 – Average percentages of identification of audiovisual emotion and standard deviations 
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4. DISCUSSION  
Shigeno (1) indicated that happy voices sound younger than their chronological ages when only voices 

are heard. In contrast, the current results did not indicate that either smiling faces or smiling faces with 
happy voices will help the perceivers have impressions that the speakers are older or younger than their 
ages. The results suggest that facial expression might dampen or offset the effect of vocal emotion in age 
perception. 

In speech perception, we integrate the gesture of speech production into what we hear (17), which 
occurs robustly even when subjects are aware of an incompatibility between the auditory and visual 
components of speech. The current study suggests that the integration process of a speaker's emotions 
between vision and audition in the perception of speaker’s age might be different from that of speech 
perception. 

5. CONCLUSIONS 
This study indicates that although a happy (cheerful) voice makes our impression younger, happy facial 

movements do not make us look younger. Furthermore, when we look at someone speaking with a happy 
voice and with a happy face, our age recognition are made often on the basis of the speaker’s facial 
expressive movements. As noted by Moyse (19), although voices are often considered to be the auditory 
counterparts of faces, the comparison between voice and face is not always obvious; methods and 
dependent variables of age estimation research differed between the studies of facial expression and of 
vocal expression. Further research is necessary to elucidate the discrepancies in age perception between 
facial expression and vocal emotion and the mechanism of the audiovisual integration process between 
facial expression and vocal emotion. 
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ABSTRACT 

Learning to categorize speech sounds is crucial for language acquisition and a struggle for second language 

learners. Most research has examined supervised learning in which learners receive feedback. This offers a 

useful model for second language acquisition. However, work in first language acquisition suggests people 

may acquire categories by tracking the statistics of the input without feedback. Few studies examine how 

these forms of learning work together and little cognitive neuroscience examines unsupervised learning. To 

study this interaction, we developed the reinforced statistical learning paradigm in which learners are first 

exposed to statistically structured stimuli in an unsupervised paradigm and then receive supervised training. 

We present preliminary data from two studies using this paradigm. It suggests that the unsupervised phase 

benefits later supervised learning, but only in limited conditions that may vary according to whether items 

are blocked or interleaved. We examined the cortical consequence of learning with electro-corticographic 

recordings from the surface of the brains of two epilepsy patients. A machine learning analysis suggests some 

surprising ways in which auditory cortical representations change with learning. This suggests the need for 

theories that explain the varied effects of unsupervised learning on auditory processing. 

 

Keywords: Hearing, Categorization, Learning, Unsupervised Learning 

1. INTRODUCTION 

Speech perception is built on categorization. Phonemes are defined by many variable acoustic cues, 

and listeners must generalize across talkers and contexts. Understanding how auditory categories are 

learned is crucial for real-world problems. Deficits in phonological processing (based in part on 

auditory categorization) have been linked to developmental language disability and dyslexia (1). 

Additionally, in second language (L2) acquisition, many adults never learn to discriminate non-native 

sounds (2). Finally, hearing remediations like cochlear implants distort the input, requiring users to 

relearn auditory categories. Thus, auditory category learning has broad impacts. 

Substantial work has investigated the acquisition of auditory categories (3). Most examines 

supervised learning (via reinforcement) (4-7). This is a useful model for second language acquisition, 

where sound categories can be explicitly taught, and learners have access to vocabulary, orthography 

and articulation to serve as implicit supervisory signals. However, in first language acquisition, infants 

may not have access to such signals, and may learn via unsupervised statistical learning (8).  

Supervised and unsupervised learning may need to work together. Adult L2 learners can use 

unsupervised statistics (9). Moreover, L1 acquisition extends through adolescence (10), a time when 

top-down knowledge (e.g. spelling, vocabulary) is available to guide learning. However, there is little 

work on how supervised and unsupervised learning relate. This manuscript describes preliminary 

results from ongoing investigations of this interaction. We develop a new paradigm, reinforced 

statistical learning to investigate the ways in which these modes of learning interact. We start by 

offering a brief background on both forms of learning before presenting results from three experiments. 

1.1 Mechanisms of Learning 

Supervised learning (using feedback or reinforcement) has been studied as a model of L2 learning 

                                                        
1 bob-mcmurray@uiowa.edu 
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in adults. It has been implemented in operant paradigms in which learners hear a stimulus, choose a 

category and receive feedback (4-7), and in incidental paradigms where learners associate sounds with 

unambiguous visual cues (11). The type of feedback matters (12), and operant training is more robust 

than incidental (11). One theoretical model that has been recently been applied to auditory categories 

is COVIS (13), which posits separate learning systems for categories defined by a boundary along a 

single feature (rule-based or RB categories), and for categories whose boundaries integrate several 

dimensions (information integration or II categories). II categories are more difficult to acquire (7, 

11), and unlike RB categories, they may require supervision.   

In contrast, work in first language acquisition has focused on unsupervised statistical learning (8, 

14). Infants rapidly tune into the categories of their language before they can produce speech or know 

many words that could serve as a source of feedback. Thus, most accounts suggest infants learn 

categories by tracking the statistics of the individual acoustic cues. For example, Voice Onset Time 

(VOT) is the most important cue for distinguishing /b/ and /p/. Across utterances the distribution of 

VOTs in English displays a bimodal distribution with one cluster corresponding to /b/ and the other 

to /p/. Infants could thus track the frequency of individual VOTs and identify such clusters to learn 

the categories of their language. Experiments show that passive exposure to stimuli that form such 

statistical clusters can alter discrimination in infants and adults (8, 15, 16).  

1.2 Reinforced Statistical Learning 

This manuscript presents preliminary results from work on the Reinforced Statistical Learning 

paradigm, which combines unsupervised and supervised learning. Our initial implementation captures 

a sequence characteristic of L1 acquisition, in which supervised learning builds on prior unsupervised 

learning. Natural speech categories are difficult to fully control and hard for adults to learn due to 

interference from existing categories. Thus, we use non-speech categories (11, 16) which offer a useful 

model. Stimuli are two-tone complexes (Figure 1A). For any exemplar, the frequency of each tone is 

randomly generated from a Gaussian distribution reflecting the prototype structure of the category. 

We taught subjects four-categories in a two dimensional space. Categories can be arranged in multiple 

ways (c.f., 11). For example, categories can be arranged in a “square” with boundaries along individual 

dimensions (RB categories; Figure 1B), or in a diamond with diagonal boundaries (II, Figure 1C).  

Learners start with passive exposure to a series of stimuli from one configuration. They next learn 

the labels for each category in a supervised paradigm. The boundaries during this phase can match or 

mismatch the unsupervised configuration (Figure 1D). We infer unsupervised learning as a difference 

in performance as a function of whether the boundaries match across phases. Of course, a mismatch 

effect could also reflect the fact that the statistical distribution of the stimuli has shifted (not just the 

mismatch between the boundaries and the unsupervised distributions). We thus manipulate a third 

factor, shifting the locations of the prototypes across phases but not the boundaries (Figure 1E).  

2. Experiment 1 

Figure 1. A) Stimuli are two-tone complexes. A category consists of a set of stimuli whose  

frequencies come from a Gaussian distribution. B) In square configurations, boundaries are drawn in one 

dimension. C) In diamond configurations, boundaries require integrating both. D) Reinforced statistical 

learning starts with passive exposure to stimuli from one configuration, followed by supervised training 

on a configuration that either matches (top) or mismatches (bottom) the unsupervised phase. E) As a 

control, we hold the boundaries constant during supervised learning and change the prototypes. 
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2.1 Methods 

Subjects. 159 normal hearing adults were recruited from the University of Iowa community.  The 

intended sample size is 240 (30 / condition), so this should be treated as a preliminary report. 

Design. Subjects were randomly assigned to one of 8 conditions that crossed three factors: 1) the 

configuration of the prototypes during the unsupervised phase (square or diamond); 2) the nature of 

the boundaries during supervised training (horizontal/vertical vs. diagonal); 3) the distribution of 

tokens during supervised training (which was included to control for fact that a mismatch between 

unsupervised and supervised learning could reflect either the boundaries or the prototypes).  

During the unsupervised training, participants heard 700 tokens (175 / category) over about 30 

minutes. Stimuli were blocked by category. This was followed by 336 trials of supervised training in 

which categories were fully interleaved (156 / category). Every 72 trials, subjects had 12 test trials 

(termed periodic test trials) on the prototypes of each category (defined by the boundaries).  

Stimuli. Stimuli consisted of two tone complexes. Each was 750 msec long with a 50 msec ramp. 

Stimuli were generated from a multi-modal Gaussian distribution which specified the mean of each 

of the two tones. Stimuli were unique on each trial for each subject and generated in bark space.  In 

the square configuration, these means were [3, 9.5], [3, 11.5], [5, 9.5], [5, 11.5].  In the diamond 

configuration [4, 9.09], [2.59, 10.5], [4, 11.91], [5.41, 10.5].  The standard deviation in both 

conditions was set to such that the means in each dimension were 5.5 standard deviations apart. 

Procedure. After providing informed consent, participants underwent unsupervised training.  This 

was conducted in a sound attenuated room with stimuli delivered at a comfortable listening level over 

high quality headphones. They were given no particular instructions, and colored in a book during 

this time. After passive training, the supervised portion began. On each trial, participants heard a 

single stimulus and saw two novel objects on the screen – one corresponding to the target category, 

and the other randomly selected from the other three. They then clicked on the matching object, and 

heard a buzz or a soft beep to indicate if their response was incorrect or correct, respectively. 

2.2 Results 

Figure 2A shows accuracy over the course of supervised training with trials binned into blocks. 

Subjects learned this task very rapidly reaching asymptotic performance by around 100 trials. 

Contrary to the predictions of COVIS (13) subjects learning diagonal (II) boundaries learned more 

robustly than those learning vertical/horizontal (RB) boundaries. 

Figure 2B shows performance on the periodic testing trials (which were equated on difficulty) as 

a function of condition. There was little change in accuracy over time (since the first periodic testing 

trial occurred at trial 72, at which point subjects were near asymptote). Thus we collapse across block. 

Figure 2B again shows stronger performance for the diagonal than vert/horz boundaries: the two sets 

of bars on the left exceed those for the right. There is also an effect of the supervised configuration – 

when learning the diagonal boundaries, the diamond configuration (which matched the prototypes for 

those boundaries) exceeded the square condition (where the training exemplars overlapped the 

boundaries). The reverse was seen for the vert/horz boundaries. Finally, when learning the diagonal 

boundaries, there was a small benefit when the unsupervised exposure used the matching, diamond 

configuration. However, there appeared to be no effect of unsupervised learning for square boundaries. 

This was evaluated statistically in a logistic mixed effects model that evaluated the effect of test 

block, boundary, unsupervised configuration and supervised configuration (all centered) on 

performance. This model included random intercepts of subject, and a random slope of block (the 

maximal model). This model should be interpreted cautiously as planned sample sizes have not been 

achieved. Thus, we only report the most important results. We discuss results pertaining to the 

supervised and unsupervised portion separately.  

Effects on Supervised Learning. We found a highly significant main effect of boundary (B=-.55, 

SE=.092, Z=5.93, p<.0001): diagonal boundaries were learned better than square. We also found an 

effect of the location of the supervised prototypes relative to the boundary (e.g., Figure 1E), the 

supervised configuration × boundary interaction (B=.77, SE=0.19, Z=4.18, p<0.0001).  This was due 

to the fact that diagonal boundaries showed better learning when the supervised configuration was 

diamond than square, and while vert/horz boundaries showed better learning with square. Learning 

was better when the frequently trained regions were in the center of the category defined by the 

boundary (Figure 1E, top), than the when they were along the boundary (Figure 1E, bottom). 

Unsupervised learning. Contrary to our predictions, unsupervised configuration did not interact 

with the boundaries (B=0.146, SE=0.19, Z=0.78, p=0.43). While the means suggested a benefit when 

6589



 

 

the unsupervised prototypes match the boundary, there was little statistical support for this. 

Given that the unsupervised training was blocked by category, one possible explanation for these 

weak effects is a recency effect whereby only the last category shows any evidence for unsupervised 

learning (the earlier exposed ones either decayed or were overwritten by the later one). Indeed, Figure 

3A suggests this might be the case. In panel A, the final category shows a large benefit of unsupervised 

exposure: when learning diagonal boundaries, performance showed a 10% gain for unsupervised 

learning in the diamond configuration; whereas no such effect was seen with square. In contrast, for  

the earlier three categories (Figure 3B), there is no effect of unsupervised training.  

To assess this we conducted an additional mixed effects model which was structured similarly to 

the prior one, but with an additional term indicating whether the tested category was the final category 

or not. This was an exploratory (unplanned) analysis so results should be interpreted cautiously. Here 

we observed a significant three way interaction between boundary, the unsupervised configuration 

and whether or not we were testing the final category in the unsupervised phase (B=0.58, SE=0.27, 

Z=2.17, p=0.030). Thus, when unsupervised learning is blocked, learning may be limited to the last 

category presented, and may further only appear in the diamond configuration.  

2.3 Discussion 

People quickly and easily learned the categories during the supervised training. Further, when we 

consider the factors affecting supervised learning only we saw two key patterns. First, contrary to 

COVIS, learning was better when the boundaries were diagonal (II). Second, we found an unexpected 

effect of the supervised configuration (e.g., Figure 1E). In particular, participants learned better when 

supervised training focused on stimuli in the middle of the categories, rather than when they split the 

boundary. Recall that the periodic testing trials were the same in all conditions (and equally easy – 

they were in the center of the categories defined by the boundary). Thus, this effect represents a 

genuine effect on learning, not a confound of difficulty. This pattern of results is consistent with the 

idea that learners may be acquiring prototypes and not boundaries (regardless of the type of boundary). 
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Figure 3. A) Performance on periodic testing trials as a function of unsupervised and supervised 

configurations, and boundary (diagonal vs. vert/horz), for the final category in the unsupervised phase. 

B) For all other categories.  Error bars represent standard error of the mean. 

Figure 2. A) Performance on all trials during supervised learning as a function of boundary and trial 

block. B) Performance on periodic testing trials as a function of unsupervised configuration (red vs. blue 

bars), supervised configuration, and boundary. Inset boxes show the supervised configuration and 

boundary for each pair of bars. Error bars are standard error of the mean. 
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That is, if people were learning boundaries or rules, one would expect that training which focused on 

the region of the space near the boundary would yield better performance (e.g. the bottom 

configuration in Figure 1E). However, instead, training that focused on the region of the space at the 

center of the category seemed to yield better performance.  

When we turn to the unsupervised learning, we were surprised that there were few effects overall.  

However, when we considered the order of presentation, we found strong effects of the most recently 

presented category. (Figure 3A). This should be interpreted with caution as data collection is not 

complete, and these analyses were exploratory. However, these took the form of a consistency effect 

whereby unsupervised exposure to what would be center of the category (defined by the boundaries) 

improved performance. The fact that this was only observed in the diagonal categories is inconsistent 

with COVIS which posits that unsupervised learning is only possible with RB (here, Vert/Horz) 

boundaries. We return to this in the general discussion. 

3. Experiment 2: Interleaved unsupervised training 

Given these analyses, we initiated a second protocol in which all four categories were randomly 

interleaved during unsupervised training. We present preliminary results here, though the sample size 

is limited so these results should be treated cautiously.  

3.1 Methods 

Subjects. 74 normal hearing young adults were subjects.  These were randomly assigned to one 

of the same 8 conditions as in Experiment 1 (~9.25 / condition). Our intended sample size is 30 / 

condition, so these results are preliminary. 

Design, Stimuli and Procedures. All methods are identical to Experiment 1 with the exception that 

the order of stimuli in the unsupervised portion was completely random.  

3.2 Results 

Figure 4A shows performance during supervised training. Again, subjects learned rapidly and 

showed a clear benefit for diagonal boundaries. Figure 4B shows performance on the periodic testing 

trial. Contrary to Experiment 1, there was no effect of unsupervised training on diagonal boundaries, 

but a large (6%) gain with vert/horz boundaries. Again this is a consistency benefit, but now 

supervised learning was better if unsupervised learning was in the matching, square configuration. 

This was examined with a mixed model using a similar structure to Experiment 1. We again found 

a significant effect of boundary (B=-0.51, SE=.15, Z=3.50, p=.00047).  There was also a three-way 

interaction between boundary, unsupervised and supervised configuration (B=1.71, SE=0.58, Z=2.95, 

p=.0032). This supports the benefit of square unsupervised learning for vert/horz boundaries; however, 

the three way interaction suggests it may have been moderated by the supervised configuration (it was 

much stronger when the supervised configuration was square [matched the boundaries]). Given the 

small sample size, we are cautious about interpreting this moderation. 

3.3 Discussion 

Contrary to COVIS and to (11), Experiment 2 again showed stronger learning for diagonal 

boundaries than vertical/horizontal ones. More importantly, we also observe an influence of 

Figure 4. A) Performance on all trials in the supervised learning task as a function of trial block and 

boundary. B) Performance on periodic testing trials as a function of unsupervised configuration (red vs. 

blue bars), and boundary (diagonal vs. vert/horz). Error bars represent standard error of the mean. 
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unsupervised training, but one that differed from Experiment 1. While this influence again took the 

form of a consistency effect (a benefit to learning when the unsupervised prototypes matched the 

prototypes defined by the boundaries), it only appeared in the square configuration. 

So why would the unsupervised benefit be limited to vert/horz boundaries in this experiment, but 

appear only with diagonal boundaries in Experiment 1 (although in a limited way)? Theoretical work 

emphasizes the utility of unsupervised processes for learning categories (e.g., the location and extent 

of the categories in cue space). However, during unsupervised exposure, learners have no goal, and 

no task; thus it is possible that unsupervised learning is shaping other levels of the system. In particular, 

unsupervised learning could serve to scaffold the pre-categorical representation, utilization and 

weighting of the auditory cues. Here, blocked exposure (Experiment 1) leads listeners to identify 

features that are characteristic or defining of a category. This would be enhanced in the diamond 

configuration, where individual frequencies of one tone or the other can be used to identify individual 

categories. For example, in Figure 1C, the green category is uniquely associated with the lowest values 

of Tone 1 (the X-axis), while the red category is associated with the lowest values of Tone 2 (the Y 

axis). In contrast, unsupervised learning in the square configuration may promote attention to 

potentially contrastive features. This is supported by Carvahlo and Goldstone (17) who showed in a 

supervised learning paradigm that interleaving exemplars from different categories promotes attention 

to contrastive features, while blocked training promotes attention to defining features. 

4. Experiment 3: Cortical processes 

Experiments 1 and 2 suggest unsupervised learning may alter the pre-categorical representational 

space. However, this is difficult to assess with behavioral measures. In contrast, neuroscientific 

techniques may be able to isolate them. Thus, we have been conducting experiments using electro-

corticography. In this technique, electrodes are implanted directly on the surface of the brain of 

patients awaiting treatment for epilepsy. During this time, patients are awake and can complete 

experiments. The temporal lobes is a common locus of seizures, thus many of these patients receive 

electrodes on auditory and related areas offering an excellent opportunity to address these questions 

by targeting the representation of the stimuli in auditory space. 

4.1 Methods 

Subjects. Subjects were two adult patients (pt. 405 and 409) undergoing treatment for epilepsy. 

Both were monolingual English speakers with normal hearing, and neurologically normal other than 

epilepsy. Both were implanted on the left hemisphere.  

Procedures. Both patients first conducted a pre-test in which they heard an 8×8 grid spanning the 

entire Tone1×Tone2 space in a passive listening procedure. Here the goal was to simply collect neural 

data for the entire range of stimuli. On three subsequent days they then underwent three days of 

unsupervised learning in the square configuration (768 stimuli/day). On day 5 they underwent an 

identical post-test. On day 6, patient 409 underwent supervised training (in the square configuration) 

with post-test on day 7. 

Neural Recordings. Recordings were made from subdural electrodes in a 4x8 grid (5 mm spacing) 

centered on the temporal lobes, and from a depth electrode centered along Heschl’s gyrus. See (18) 

for complete details on recording, and patient care issues. 

4.2 Results and Discussion 

Our preliminary analyses focused on the degree of activity at targeted electrodes along the Superior 

Temporal Gyrus (STG) and Heschl’s Gyrus (HG). To quantify localized activity, we used a time-

frequency approach to quantify activity in the high gamma frequency band (75-150 Hz) (19). Figure 

5 shows the results for characteristic electrodes. For all recording sites that were responsive to the 

stimuli (in both patients), we saw a reduction in activity after unsupervised learning. This suggests 

that one of the consequences of unsupervised learning may be adaptation. Such a mechanism could 

play out quite differently in the diamond configuration, where some frequencies (e.g., the middle 

frequencies of Tone 1 and 2 in Figure 1E), occur more often than others. In contrast, in the square 

configuration, each frequency will be equally likely (and adapt equally). 

In order to capture the representational space, we are conducting machine learning analyses (20) 

to recover the tone that was heard from the neural recordings. In this analysis, a support vector 

regression was trained to predict the frequencies of the each tones of the stimulus from the distributed 

pattern of activity on that trial. The predicted frequencies serve as a metric representation of the 
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stimulus space. Figure 4 shows predicted tone frequencies of each point in the grid. There were high 

correlations between the predicted and actual tones for both patients (Pt405: r=0.89; Pt409: r=0.88). 

When we compared this space before and after unsupervised learning we found that this space 

expanded with training (in Pt405; Figure 6), but no such changes were observed in Pt 409. This 

suggests that one consequence of learning may be a non-specific enhancement of the space, though 

this awaits confirmation in other subjects. 

5. Conclusions 

The results of these studies are preliminary and await confirmation. However, they support several 

conclusions. First, Experiments 1 and 2 suggest that listeners acquire categories with diagonal 

boundaries (II) better than those with square boundaries (RB). This conflicts with predictions from 

COVIS (11), and it remains to be seen why the benefit for RB categories was not observed with these 

stimuli. Second, learners benefit from training focused on the center of the space rather than the 

boundary regions. This suggests that for auditory categories, people primarily learn prototypes which 

define the central tendencies of the category rather than boundaries. Third, the effects of unsupervised 

learning (if present) are weak relative to the much stronger effects of supervised training – 

unsupervised exposure offered only a 5-10% gain over supervised training and only in some sub-

conditions. Fourth, the small effects of unsupervised learning appeared to be moderated by whether 

stimuli were blocked or interleaved: when unsupervised learning was blocked by category, a small 

benefit was seen for diagonal boundaries, but when unsupervised learning interleaved all categories, 

the benefit was seen for vert/horz boundaries. This is consistent with the idea that interleaved training 

promotes the extraction of discriminative features that contrast categories, while blocked training 

promotes identification of characteristic features that identify a category (17). Here we extend this to 

unsupervised learning. Finally, our preliminary ECOG results suggest that unsupervised exposure may 

offer alter the system in several ways, including local adaptation of the frequency detectors, and 

potentially an expansion of the representational space. 

Figure 5. High gamma band activity (in dB) for selected recording sites for each patient. 
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ABSTRACT 
Bone-conduction has been used as a hearing aids for people with conductive hearing impairment, but there 
was a problem in the wearability of the vibrator. To solve the problem, cartilage-conduction (CC) that 
transmits the vibrator to the auricular cartilage has been proposed and applied to hearing aids and 
smartphones. The characteristics of CC perception vary depending on a number of variables, including the 
placement of the vibrator within the pinna, the contact area of the vibrator and the contact pressure, but the 
effects of such conditions have not been studied. In this study, we observed variations of detection threshold 
and ear canal sound pressure (ECSP) depending on the position of the vibrator within the auricle. Tone bursts 
with frequencies from 250 to 8,000 Hz were transmitted to the upper, middle and lower parts of the auricle. 
Both experiments were conducted under conditions in which the vibrator did not come into contact with the 
auricle. The results showed that the threshold decreased and the ECSP increased when transmitted to the 
middle and lower auricles at lower frequencies (250 and 500 Hz). These results provide useful information 
not only to optimize the devices using CC, but also to elucidate the peripheral mechanism of CC perception. 
 
 
Keywords: Bone-conduction, Cartilage-conduction, Placement of vibrator, Threshold, Ear canal sound 
pressure 

1. INTRODUCTION 
Normally, sound enters the ear canal as a vibration of air and propagates through the middle ear to 

the cochlea of the inner ear. Thus, the sound propagating through vibration of air is called as the air-
conducted sound. On the other hand, the sound transmitted through body structure such as the skin, 
muscles and skull is called bone-conducted sound. In bone-conduction (BC), the sound is said to be 
transmitted as 4 components(1): (a) the air-conducted component that is emitted from the vibrator and 
diffracted to enter the ear canal, (b) the osseotympanic component which involves sound radiated into 
the ear canal, (c) the inertial osteogenic component which is based on the relative motion between the 
middle ear ossicles and the temporal bone, and (d) the compressed osteogenic component which 
results from compression and expansion of the cochlear shell (Figure 1 ).  

                                                        
t-jitsukawa@chiba-u.jp 
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Figure 1 Sound components transmitted by bone-conduction 

 
Thus, some bone-conducted components are transmitted to the inner ear without passing through the 
outer and middle ears. Therefore, BC has been used as hearing aids for people with conductive hearing 
loss caused by injuries on the outer and middle ears. BC has been applied to devices such as hearing 
aids and headphones, however, problems such as pain, discomfort and the difficulty of securing the 
transducer, have hindered the spread of its application. Therefore, to address these issues, cartilage 
conduction (CC) has been proposed (2), and applied to hearing aids (3) and smartphones (4).  

However, only a limited number of studies have been conducted on CC and the details of the 
perception characteristics and propagation mechanisms remain unclear. Even in CC, the sound is 
thought to be transmitted as the same components as the ordinary BC, and the osseotympanic 
component and air-conduction components are predominant in the normal hearing (4). The 
characteristics of CC perception vary depending on a number of factors including the placement of 
the vibrator within the pinna, the contact area of the vibrator and the contact pressure. Despite this, 
the effects of such stimulus conditions have not been studied.  

In this study, we observed variations of the detection threshold and ear canal sound pressure 
(ECSP) depending on the position of the vibrator within the pinna. 

2. Methods  

2.1 Vibrator and placements 
A vibrator with a plastic diaphragm attached to a piezoelectric element (Figure 2) was attached to 

the upper part (mainly ear rings), center part (mainly paired rings) and lower part (mainly tragus) of 
the subjects’ pinnae (Figure 3). In addition, for comparison, we also presented stimuli in the “non-
contact” condition in which the vibrator did not touch the pinna.  

 
Figure 2 

A Schematic diagram of the cartilage-conduction vibrator 
 

Elastomer
Acrylic plate

Piezoelectric vibrator
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Figure 3 Placements of the vibrators in the experiments 

 

2.2 Measurement of the threshold 
The detection threshold at each presentation placement was measured for each condition. Tone 

bursts of 0.25, 0.5, 1, 2, 4 and 8 kHz (duration 800 ms, including 150 ms rising/falling ramps) were 
presented. The detection threshold was estimated using a 3-altanating-forced-choice using a 2 down-
1 up method. The experiments were coonducted in an anechoic chamber. 

2.3 Measurement of the sound pressure in the ear canal 
A probe microphone was inserted into the subject's ear canal, and the sound pressure in the ear 

canal was measured for each vibrator placement. The tip of the probe microphone was inserted near 
the tympanic membrane. Tone bursts of 0.25, 0.5, 1, 2, 4 and 8 kHz (duration 1 s, including 50 ms 
rising/falling ramps) were presented. The experiments were conducted in an anechoic chambe 

3. Result  
An analysis of variance (ANOVA) showed a significant effect of the vibrator placement on the 

detection threshold (p < 0.05). In addition, a Holm’s multiple comparison showed significant 
differences between the measurements taken at the “center”-“lower” and “upper”-“non-contact” 
placements (p < 0.05). In terms of the ECSP, the vibrator placement had a significant effect (p < 0.05), 
and a Holm’s multiple comparison showed significant differences between the measurements taken at 
the “center”-“lower” and “upper”- “non-contact” placements (p < 0.05).  

4. CONCLUSION 
A significant difference was observed between the contact- and the non-contact conditions on both 

the detection threshold and the ECSP. It is inferred that the middle bass range was amplified due to 
the osseotympanic component. On the other hand, no significant difference was observed between 
“upper” and “non-contact” placements on both the detection threshold and the ECSP. This result 
suggests that the cartilage was not vibrated well and the necessary amount of the osseotympanic 
component was not obtained by the stimulus to the upper pinna. 

ACKNOWLEDGEMENTS 
A part of this research was conducted with the support of JSPS KAKENH Grant Number 17H02079 

and a Research Grant in the Natural Sciences from the Mitsubishi Foundat ion for SN. 
 

REFERENCES 
1. Stenfelt S et al., J. Acoust. Soc. Am., 111, 947959, 2002 
2. Sakaguchi, Hosoi, Proc. of the Acousti. Soc. Jpn, 555-556, 2008. 
3. Nishimura et al., Auris Nasus Laryns., 40, 440-6, 2013. 
4. Nakagawa Set al., Proc. Life Engineering Sympo., 431-2, 2013 
 
 

6597



 
PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Reversing degraded auditory processing using targeted plasticity 

Yuko TAMAOKI1, Jonathan R RILEY1, Michael S BORLAND1, Seth A HAYS1, Crystal T 
ENGINEER1, Michael P KILGARD1 

1 The University of Texas at Dallas, United States 

ABSTRACT 
Hearing loss is a very common and often debilitating neurological disorder, estimated to affect over 5% of 
the population. A major source of disability related to hearing loss stems from deficits in speech processing. 
Assistive devices, such as hearing aids, can yield modest improvements in speech perception, but these 
devices often provide inadequate utility in complex, challenging environments. We have developed a new 
approach to drive robust, specific plasticity that substantially enhances recovery after neurological damage. 
This strategy uses brief bursts of vagus nerve stimulation (VNS) paired with sound presentation. Like humans, 
rats are significantly impaired in their ability to accurately discriminate speech sounds following intense 
noise exposure. Additionally, noise trauma results in substantial maladaptive plasticity in multiple auditory 
structures. In these experiments, we test the hypothesis that VNS paired with sound therapy, 300 times per 
day for 20 days, will reverse maladaptive plasticity and restore auditory processing. Following the last day 
of VNS-sound pairing, the reversal of maladaptive plasticity is tested through behavioral discrimination 
ability, auditory brainstem responses (ABR), and auditory cortex responses. The successful development of 
adjuvant therapies to restore speech processing has real potential to yield tangible benefits for millions 
suffering from hearing loss. 
 
Keywords: Vagus nerve stimulation, NIHL, Plasticity 

1. HEARING LOSS 

1.1 Hearing loss in humans  
Hearing loss is the second most debilitating neurological disability. Hearing loss commonly affects 

many patient populations, including members of the military, children, and aging individuals (1). 
Patients with hearing loss exhibit abnormal neural activation in both cortical and subcortical regions 
of the auditory pathway (2–4). The abnormal neural activity seen in the auditory pathway affects 
patients’ ability to hear and understand speech sounds (5). Maladaptive plasticity in the auditory 
network contributes to the abnormal neural activity that degrades information and impairs speech 
perception ability. Fortunately, through recent technologies and innovations, multiple forms of 
therapeutic interventions have been made available for individuals with hearing loss. However, 
devices such as hearing aids can sometimes only provide modest improvement in speech perception 
abilities. 

1.2 Hearing loss in animal models 
Animal models of hearing loss exhibit abnormal neurological activity and a degradation of auditory 

discrimination abilities (6–9). In auditory cortex, the normal orderly tonotopic map observed in 
experimentally naïve animals is reorganized and degraded in noise-exposed animals (7,10,11). In 
primary auditory cortex, rats exposed to intense noise (125 dB 1-octave band noise centered at 4 kHz) 
had significantly degraded responses to sound compared to non-exposed control animals (Figure 1). 
Moderate intensity noise-exposed animals (115 dB 1-octave band noise centered at 16 kHz) did not 
display significant differences in primary auditory cortex tonotopy compared to non-exposed control 
animals (Figure 1). This reorganization is due to maladaptive plasticity that alters neural responses 
due to a lack of inhibition. Similar aberrant neural responses have been observed subcortically in the 
inferior colliculus. These response changes in the inferior colliculus are due to hyperactivity of 
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neurons, which is an effect similar to the changes observed in auditory cortex (12,13). Maladaptive 
plasticity in the auditory network is seen across species with hearing loss. 

Hearing loss also affects the ability of animals to discriminate between human speech sounds (7). 
Cortical changes and behavioral changes were observed in animals noise-exposed at multiple sound 
frequencies and intensities (14). Rats who experienced intense noise exposure were unable to 
discriminate between speech sounds differing in consonant or vowel following 2 weeks of re-training. 
The moderate noise exposure group, however, had an initial decrease in speech discrimination ability 
that was able to recover. The moderate noise exposure rats fully recovered to baseline performance 
levels after 2 weeks of re-training. This purpose of the current study is to target maladaptive plasticity 
in order to recover speech discrimination ability in rats who have been exposed to more intense noise 
exposure parameters. 

 

 
 
Figure 1. Moderate and intense noise exposure altered the tonotopic organization of responses in the 

primary auditory cortex. Each polygon represents a single electrode penetration into the auditory cortex. 

The color of the polygon represents the characteristic frequency of each penetration. Sites marked with an 

“o” were assigned to fields other than A1; sites marked with an “x” were classified as nonresponsive to 

tones.  Reproduced with permission from (15). 

2. VNS-SOUND PAIRING IMPROVES AUDITORY PROCESSING 
Vagus nerve stimulation (VNS) paired with a sensory event releases neuromodulators involved in 

plasticity, including acetylcholine, norepinephrine, and serotonin, activates the neural regions that 
respond to the sensory event (16). For example, when VNS is paired with a tone, the proportion of 
primary auditory cortex that responds to the paired tone frequency is increased (10,11,17–19). 
Similarly, when VNS is paired with speech sounds, there is an increase in the A1 response strength to 
the paired speech sounds (20). Likewise, VNS paired with fast or slow tone trains can increase or 
decrease the primary auditory cortex response strength to rapid sounds (21). VNS can alter both the 
spectral and temporal aspects of the neural response to sound in primary auditory cortex. 

VNS paired with tones has also been examined in a rat model of tinnitus in order to improve the 
degraded auditory processing observed in this model (10). These rats were exposed to 16 kHz noise 
at 115 dB, and one month after noise exposure, the Turner gap detection method was used to identify 
the perceived tinnitus frequency of each rat. VNS was paired with multiple tone frequencies that were 
distinct from the perceived tinnitus frequency, 300 times per day for 20 days. Both the behavioral and 
neural effects of noise exposure were reversed following one month of VNS-tone pairing. This VNS-
tone therapy, which was first tested in a rat model of tinnitus, has recently been shown to provide 
long-lasting improvement in tinnitus intensity and tinnitus distress in chronic tinnitus patients (22–
24).   

3. VNS-SOUND PAIRING IN A RAT MODEL OF HEARING LOSS 
Based upon the success of these previous studies, the objective of the current study is to test the 

ability of VNS paired with the presentation of sounds to enhance the precision of spared auditory 
inputs and substantially improve speech processing in noise-exposed rats. Rats received an auditory 
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brainstem response (ABR) recording prior to noise exposure to test the hearing (Figure 2). Groups of 
rats were noise exposed to different intensity-frequency noise combinations for one hour. The intensity 
of the noise exposure ranged from 115 to 125 dB SPL and the center frequency of the 1 octave band-
passed noise ranged from 4 to 22 kHz. Following a one-month break, rats received a vagus nerve cuff 
and ABR to assess hearing loss from noise damage. In short, the VNS implantation procedure involved 
placing a chronically implanted bipolar cuff electrode around the left cervical branch of the vagus 
nerve. Subcutaneous leads were routed to a stimulator interface on the skull. The rats received 300 
VNS-sound pairing presentations per day over 20 days. VNS stimulation parameters for the VNS-
sound paring sessions were 500 ms bursts of 100 us biphasic pulses with 33 ms between pulses at an 
amplitude of 0.8 mA. The VNS stimulation occurred at the same time that the sounds were presented. 
The sounds paired with VNS stimulation were either speech sounds shifted into the rat hearing range 
or tones spanning the rat’s hearing range. Following the last day of VNS-sound pairing therapy, in a 
manner consistent with prior experiments (15), physiological recordings were acquired from the right 
auditory cortex and inferior colliculus of noise induced hearing loss animals. Tungsten 
microelectrodes were used to record multiunit responses from the respective fields to a variety of 
sound stimuli including tones spanning 1-32 kHz from 0 to 85 dB SPL, speech stimuli (both novel 
and VNS-paired sounds), and noise burst trains.   

The rats’ neural responses and ABRs varied from group to group depending on what noise exposure 
they received. Rats who received noise exposure at 115 dB SPL had less cortical reorganization 
compared to rats who received more intense noise exposure at 120 dB SPL and higher (Figure 3). Rats 
receiving higher frequency noise exposure preserved more neural responses than the group of rats 
receiving lower frequency exposure. Noise exposure intensity and sound frequency influenced the 
preservation of cortical responses. A similar pattern of response preservation was observed in the 
ABRs of the different exposure groups (Figure 4). 

 

 
 

Figure 2. Study timeline: Auditory brainstem responses (ABR) were collected prior to the 

induction of noise induced hearing loss, following noise induced hearing loss, and following VNS-

sound pairing. Approximately 1 month after noise induced hearing loss, animals received 20 days of 

VNS-sound pairing. Following VNS-sound pairing neural responses were collected from the primary 

auditory cortex and the inferior colliculus. 
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Figure 3. Example maps from the primary auditory cortex of animals with noise induced hearing 

loss. Noise exposures were conducted for one hour to 1-octave band-passed noise centered on 4, 16, 

or 22 kHz. The intensity of the sound was either 115, 120, or 125 dB SPL. Animals were not 

exposed to 16 and 22 kHz noise at 115 dB SPL nor to 4 kHz at 125 dB. Each polygon represents a 

single electrode penetration into the auditory cortex. The color of the polygon represents the 

characteristic frequency of each penetration. Sites marked with an “x” were classified as 

nonresponsive to tones. 

 
 
 

 
Figure 4. Mean ABR thresholds following noise exposure but prior to VNS-sound pairing. 
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4. CONCLUSIONS 
Noise induced hearing loss degrades both neural and behavioral auditory processing. While 

auditory training can improve neural and behavioral auditory processing in some rat models of hearing 
loss, it can be insufficient to restore auditory processing in other more intense noise exposure models. 
Ongoing work involves pairing vagus nerve stimulation with sound presentation in rat models of 
hearing loss to improve both sound discrimination ability and the neural processing of sounds.  
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ABSTRACT 

Bone-conducted ultrasound (BCU) can be heard clearly and can transmit speech information using 
amplitude-modulation (AM). Additionally, BCU is perceived even when presented to body parts distant from 
the head, like the neck, trunk, and arm. It is expected that demodulated low-frequency components appear as 
a result of the nonlinearity existing in the human body when amplitude-modulated BCU (AM-BCU) is 
presented to such distal locations. First, to elucidate demodulation characteristics in the propagation process 
of such distantly-presented BCU, vibration at the external auditory meatus was measured when AM-BCU 
was presented to the neck, shoulder, upper limb, breastbone and backbone. The results showed spectrum 
peaks corresponding to the carrier frequency (30 kHz) and the modulation frequency. The level of the peak of 
the carrier tended to decrease depending on the distance between stimulation and measurement points, 
however, the peak of the modulator did not change with distance. Second, vibrations around the cartilage of 
the auricle, tragus and articulations, which have strong nonlinearity, were measured. The demodulation 
components were larger for the auricle and tragus than for the peripheral articulations. These results suggest 
that demodulation mainly occurs in the vicinity of the ear even when BCU is presented to distal body parts. 
 
Keywords: Bone-conduction, Ultrasound, Amplitude-modulation, Demodulation 

1. INTRODUCTION 
High-frequency sound at least up to 100 kHz presented via bone conduction can be perceived even 

by the sensorineural deaf (1). This “audible” ultrasound through bone conduction is referred to as 
bone-conducted ultrasound (BCU). Additionally, BCU can transmit speech information using 
amplitude-modulation (AM). Utilizing this information, we have developed a new hearing aid for the 
profoundly deaf, called the bone-conducted ultrasound hearing aid (BCUHA) (2-4).  

In BCUHA, both high pitch tone due to the ultrasonic carrier and the envelope of the modulated 
signal are perceived (5). Profoundly deaf people perceive the envelope as temporal information. On 
the other hand, normal hearing people may perceive it as a demodulated low frequency component 
generated by the nonlinearity of the human body (6). 

With bone-conducted devices, sound is usually presented onto a part of the head, such as mastoid 
process of the temporal bone, using a vibrator. However, the devices have several disadvantages, such 
as the discomfort of wearing a vibrator and difficulty of fixing it to the head. On the other hand, BCU 
is perceived even when presented to the body parts distant from the head, like the neck, arm, and trunk 
(7). If it is possible to present BCU sound to distal body parts and obtain significant perception (8), 
these problems identified with bone-conducted devices can be solved. Furthermore, distantly 
presented BCU can be applied to develop a new device that can present sound information selectively 
to the users. 

When BCU is presented to a distal body part, vibration propagates through various tissues in the 
body. Therefore, demodulation may occur in the propagation process through tissue with strong 
nonlinearity, such as articular cartilage. Demodulated sound may contribute to improving BCU sound 
quality. 

In this study, to elucidate demodulation characteristics in the propagation process of such 
distantly-presented BCU, vibration in the outer ear canal was measured when AM-BCU was presented 
to a distal body part. Further, to examine the body parts in which more demodulation occurs, vibrations 
around the cartilage that has strong nonlinearity were measured. 

                                                        
1 www.cfme.chiba-u.jp/~nakagawa/index.html 
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2. EXPT. 1: MEASUREMENT OF VIBRATIONS IN THE EAR CANAL 

2.1 Method 
Seven subjects with normal hearing (one female and six males, 21-24 years) participated in the 

experiment. Vibrations were measured using a small accelerometer (Ono sokki, NP-3211), which 
was wrapped in a sponge tube and inserted into the ear canal (9). A vibrator (Murata Manufacturing 
MA40E7S) was placed against the following body parts: ⅰ. Mastoid process of the temporal bone, ⅱ. 
Sternocleidomastoid muscle (muscle of the neck), ⅲ. Clavicle, ⅳ. Acromial process, ⅴ. Brachialis 
muscle (muscle of the upper arm), ⅵ. Brachioradial muscle (muscle of the lower arm), ⅶ. Sternum, 
ⅷ. The 10-12th thoracic vertebrae. To the mastoid, the vibrator was fixed using a headband, and to 
the other parts, using an elastic support band (Fig. 1). The carrier frequency of BCU stimuli was 30 
kHz and the modulation frequencies were varied at 0, 100, 300, 600, 800, 1000, 3200 and 6400 Hz. 

2.2 Result 
The spectrum peak corresponding to the carrier frequency (30 kHz) and the modulation frequency 

were confirmed at all body parts and these differences ranged from 40 to 70 dB. According to the 
previous study (10), the current results suggest that the demodulation component reached the 
perceptual level. 

 The level of the carrier component at each body part relative to the mastoid tended to decrease 
depending on the distance between stimulation and measurement points, and the presentation body 
parts showed a significant effect on the attenuation amount of the vibration (p<2.2e-16). However, the 
level of the modulation frequency component at each part relative to the mastoid did not change with 
distance, and the presentation body parts showed no effect on the relative value (p=0.99) (Fig. 2). 

3. EXPT. 2: MEASUREMENT OF VIBRATIONS AROUND CARTILAGE  

3.1 Method 
Six males with normal hearing (21-24years) participated in the experiment. Measurement points 

were following parts: Ⅰ. Tragus, Ⅱ. Pinna, Ⅲ. Cartilago thyroidea, Ⅳ. Shoulder, Ⅴ. Thoracic 
vertebrae, Ⅵ. Cartilago costalis, Ⅶ. Elbow. The vibrator and the accelerometer were placed so that 
it was located at the center of the measurement points. For the tragus and pinna, the accelerometer 
was inserted into the ear canal, and for the other parts, it was fixed on the skin using masking tape 
and wax. The AM-BCU stimuli were identical with indicated in 2.1. 

3.2 Result 
The level of the carrier component relative to the modulation frequency component at the tragus 

and pinna were larger than at distal parts, and the presentation body parts showed a significant effect 
on the relative value (p<2.2e-16). In distal parts, the thoracic vertebrae showed the largest relative 
value. 

4. DISCUSSION 
The level of the carrier component tended to decrease depending on the distance between stimulation and 

measurement points, however, the demodulation component did not change as a result of distance. In 
addition, more demodulation component was generated at the tragus and the pinna than in distal cartilage. 
These results suggest that demodulation mainly occurs in the vicinity of the ear, even when BCU is presented 
to distal body parts. 
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Targeted neuroplasticity in rat primary auditory cortex with vagus 
nerve stimulation and near-threshold tones 

Alan M. CARROLL1; Michael P. KILGARD1 
1 The University of Texas at Dallas, United States 

ABSTRACT 
Vagus nerve stimulation (VNS) is a method for driving therapeutic, targeted neuroplasticity in clinical 
populations suffering from tinnitus and stroke. VNS facilitates specific cortical changes through the phasic 
release of plasticity promoting neuromodulators simultaneously paired with delivery of a sensory stimulus, 
such as tones or speech. Recent clinical evidence and ongoing pre-clinical experiments in rats show that VNS 
paired with near-threshold somatosensation of the hand/paw can significantly reduce elevated sensory 
thresholds resulting from neural injuries after only one week of therapy. A possible explanation for this quick 
and robust recovery is that VNS is more effective at driving neuroplasticity in cortical circuits when paired 
with stimuli just above the response threshold of neural receptive fields. To date, all auditory VNS therapies 
have used stimuli considerably above auditory thresholds, potentially diminishing the therapeutic effect of 
VNS-paired treatments. To test the effectiveness of VNS-paired, near-threshold stimuli in driving auditory 
neuroplasticity, unimpaired adult rats will receive VNS repeatedly paired with the brief presentation of a 10 
dB SPL 9 kHz tone for one week. A cortical map of receptive field properties in primary auditory cortex will 
be made one day later and compared to the maps of naïve rats. 
 
Keywords: Vagus nerve stimulation, Auditory cortex, Neuroplasticity 

1. INTRODUCTION 
Vagus nerve stimulation (VNS) drives phasic release of neuromodulators l ike norepinephrine (1), 

and can lead to stimulus-specific, long-term changes in auditory receptive fields when repeatedly 
paired with the presentation of an auditory stimulus (2–7). Pairing VNS with the presentation of a brief 
9 kHz tone increases the cortical representation of 9 kHz in primary auditory cortex (A1), while 
pairing with a 19 kHz tone increases the representation of 19 kHz (2). Stimulus-specific plasticity has 
also been observed for VNS-paired speech, tone trains, and motor skill learning (3,8,9). 

This ability to drive targeted neuroplasticity may enable the treatment of clinical disorders 
associated with maladaptive changes in neural circuitry (10,11). A VNS based tonal therapy in a rat 
model of tinnitus has been shown to reverse abnormal auditory processing in A1 and re-normalize 
behavioral correlates of tinnitus perception. The therapy consisted of repeatedly pairing VNS with the 
presentation of a variety of tones with frequencies surrounding (and excluding) the putative tinnitus 
frequency (2). A clinical trial however only found a modest improvement of VNS tonal therapy on the 
Tinnitus Handicap Inventory (THI) for a subgroup of chronic tinnitus patients  (12). While these initial 
results are promising, it is expected that significant improvements in treatment can be made through 
the refinement of therapy design. An obvious target for further investigation is the set of tonal stimuli 
used during therapy, as it is unlikely that they optimally drive the necessary neuroplastici ty for 
therapeutic benefit. 

A recent case study, as well as new preclinical research, provide novel evidence that a simple 
change to the tonal stimulus set may enhance targeted plasticity treatment and lead to improved 
clinical results. During the follow-up phase of a VNS clinical trial for motor rehabilitation after stroke, 
a patient underwent additional tactile therapy in an attempt to ameliorate remaining sensory 
impairment in his hand. After only ten days of therapy, the patient had an 80% recovery in t actile 
threshold (13). Ongoing preclinical experiments in a rat model of sensory deficit have replicated the 
recovery of sensory threshold in only one week of VNS pairing (unpublished). In both cases, the tactile 
therapies consisted of stimuli at the threshold of sensory detection -- in effect driving activity from 
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only a small subset of the neural population in primary sensory cortex. This is a key difference 
compared to the VNS-paired tones used in the tinnitus therapies, which were instead presented at  
intensities well-above auditory threshold (2,12). It is possible that pairing VNS with tones near 
auditory thresholds will be more effective in driving plasticity than more intense tones that already 
drive significant neural activity. 

This study examines the effectiveness of one week of VNS paired with a near-threshold tone (9 kHz 
10 dB SPL) in driving stimulus-specific plasticity in rat A1. Previous VNS tone-pairing studies have 
all utilized four weeks of treatment with tones well-above the rat auditory threshold (2,4–7). Therefore, 
it is unknown if pairing VNS with a near-threshold tone for only a single week will be sufficient to 
result in significant neuroplasticity of A1 in a healthy subject (as suggested by the current 
somatosensory results in impaired models). This is a crucial first experiment to determine the validity 
of potential improvements to the stimulus set of future clinical VNS-based therapies. 

2. METHODS 

2.1 Subjects 
Seventeen age-matched, female Sprague-Dawley rats were randomly assigned to either naive 

(n=11) or VNS (n=6) groups. 

2.2 Tone stimulus 
VNS was paired with the brief presentation of a 500 ms, 9 kHz, 10 dB SPL tone. Previous studies 

suggest that a 9 kHz 10 dB tone recruits about 1/4 the amount of A1 (~10-15%) as a 9 kHz 50-60 dB 
tone (2,4–7). 

2.3 Vagus nerve stimulation 
VNS subjects had a custom, platinum-iridium bipolar cuff electrode implanted around the left 

cervical vagus nerve as described previously (2,4–7). Parameters used for stimulation were the same as 
previous studies (2). Briefly, a single stimulation event consisted of a 500 ms train of biphasic pulses 
(100 us pulsewidth) at a rate of 30 Hz and an intensity of 0.8 mA. 

2.4 Pairing procedure 
After recovering for seven days from cuff implantation, VNS subjects received five sess ions of 

VNS tone-pairing (one session per day). Each session, the subject was placed into a wire cage inside of 
a double-walled, sound attenuated booth, 25 cm from a speaker calibrated to play a 9 kHz 10 dB SPL 
tone, and plugged into a stimulator by a free-hanging swivel. The 9 kHz tone was presented 
approximately every 30 seconds, paired temporally with a VNS event. Each session consisted of 300 
pairings and lasted approximately 2.5 hours. At the end of a session, the subject was returned to her 
home cage. 

2.5 Cortical mapping 
Twenty-four hours after the last pairing session, a cortical map of the subject's A1 was made, as 

described previously (2,4–7). Briefly, the subject was anesthetized with sodium pentobarbital (50 
mg/kg), and a craniotomy and durotomy was performed to expose right A1. Four parylene -coated 
tungsten microelectrodes were inserted into cortex approximately 600-700 um below the pial surface, 
and multi-unit neural activity (MUA) was recorded in response to the presentation of tones spanning 
1-32 kHz and 0-75 dB SPL from a free-field speaker 10 cm from the left ear. Once recording finished, 
the electrodes were inserted into another cortical location. This procedure was repeated systematically 
until A1 was completely bordered by non-responsive and/or non-A1 auditory sites.  

2.6 Analysis 
Each electrode site in a subject’s map was classified as belonging to A1 or not and was considered 

representative of the surrounding neural area based on a Voronoi diagram of the points, as performed 
in previous studies (14). The average amount of A1 responding to each frequency/intensity tone pair 
presented during cortical mapping was then calculated based on the area represented by each electrode 
site and represented as a percentage. 

The auditory threshold for each site was defined as the lowest intensity that evoked a reliable neural 
response. 
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3. Results 
One week of VNS pairing with the near-threshold 9 kHz tone successfully drove stimulus-specific 

plasticity in A1 as compared to a naïve control group. The difference plot in Figure 1 shows a general 
increase in the amount of A1 representation for mid-frequency (4-16 kHz) tones, peaked around 9 kHz. 
There is also a strong increase in the representation of low-intensity (0-15 dB) tones across the 1-32 
kHz frequency spectrum. These results are comparable to previous VNS tone-pairing experiments 
demonstrating stimulus-specific plasticity over four weeks of treatment (4–7). Figure 2 highlights the 
specific increase in A1 representation for 10 dB tones between 8-16 kHz for the VNS group compared 
to naives (unpaired t-test, p<0.005). The percentage area of A1 responding to 50 dB 8-16 kHz tones is 
also plotted for comparison. Although there is a trend for a representational increase in the VNS group 
compared to naives at 50dB also, it is not significant and is within the expected range of A1 
representation based on data from previous studies (unpaired t-test, p=0.06) (4–7). Figure 3 shows the 
general decrease in auditory thresholds across A1 for the VNS group compared to naives (unpaired 
t-test, p<0.05). 

 

 
Figure 1 – Difference plot of the percentage of A1 responding between VNS and Naïve groups. The VNS 

group on average had more A1 sites respond with neural activity to the presentation of tones at nearly all 

intensities in the frequency range of 4-16 kHz. Additionally, the VNS group has a general increase in the 

amount of A1 responding at low intensities across all frequencies compared to Naïve. This is strong evidence 

that pairing a near-threshold auditory stimulus with VNS for one week is sufficient for driving 

stimulus-specific plasticity comparable to what is seen in previous studies. 
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Figure 2 – Mean percentage of A1 responding specifically to 10 or 50 dB tones within the 8-16 kHz 

frequency range. The VNS group has more representation of 8-16 kHz at 10 dB than the Naïve group does 

(p<0.005). There is a noticeable trend for the VNS group to have more A1 representation at 50 dB also, but it 

does not quite exceed what might be expected from a typical Naïve subject (p=0.06) 

 
Figure 3 – VNS pairing with a near-threshold stimulus reduces overall auditory thresholds in A1 (p<0.05) 
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4. CONCLUSIONS 
Vagus nerve stimulation (VNS) is a potential clinical therapeutic tool for treating a wide range of 

disorders associated with maladaptive plasticity, such as tinnitus, through its ability to drive targeted, 
stimulus-specific neuroplasticity. Although there has been modest success treating tinnitus in initial 
clinical trials, both the number of patients successfully treated, and the amount of benefit gained from 
treatment may be improved with changes to the therapy stimulus set. Recent evidence suggests that 
pairing VNS with stimuli near the threshold of neural receptive fields can drive significant 
neuroplasticity in only one week and may be a better therapeutic approach than using stimuli well 
above thresholds. The current study demonstrates that one week of pairing VNS with a near-threshold 
9 kHz 10 dB tone drives stimulus-specific plasticity comparable to previous studies using much more 
intense auditory stimuli over four weeks of treatment. Future work will focus on comparing these 
results with one week pairing of other stimuli to see if the results are specific to the use of a 
near-threshold tone. 
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ABSTRACT 
High-frequency sound above 20 kHz can be heard clearly via bone conduction (Bone-conducted ultrasound: 
BCU). Additionally, BCU is perceived even when presented to body parts distant from the head, like the neck, 
trunk, and arms, and is expected to be applied for novel devices that transmit sound selectively to persons 
who touched by a vibrator on the arm or other parts of the body. First, hearing thresholds were measured 
when 30-kHz tone-burst was presented to the neck, trunk and arms in normal hearing participants. The results 
showed that BCU presented to the distal parts, including the lower arm, can be perceived at least in normal 
hearing participants, but threshold increased depending on the distance from the head. Second, the vibration 
of the ear canal was measured using an acceleration sensor when a 30-kHz tone was presented to the neck, 
arms, and trunk. A prominent spectrum peak corresponding to the stimulus frequency was obtained. Further, 
the vibration tended to attenuate when the stimulus points were moved away from the head, although some 
exceptions existed. Third, the vibration of the upper limb was measured at 9 surface points lined up from the 
forearm to shoulder when BCU was presented near the wrist. The vibration basically tended to attenuate 
depending on the distance from the vibrator; however, some points at raised upper-arm muscle showed larger 
amplitudes. These results suggest that efficiency of the propagation varies depending on the stimulus points, 
and the upper-arm muscle are suitable also on a stimulus location of BCU. 
 
Keywords: Bone conduction, Ultrasound, Upper arm, Trunk, Threshold, Sound propagation.  

1. INTRODUCTION 
Several studies have shown that high frequency sound above 20 kHz can be heard clearly via bone 

conduction (Bone-conducted ultrasound: BCU) (1-3). Moreover, BCU hearing in humans has been 
found under various auditory pathological conditions, including sensorineural hearing loss and 
middle-ear disorders (3). In addition, BCU can be perceived even when presented to body parts 
distant from the head, like the neck, trunk, and arms (4) and expected to be applied for novel devices 
that transmit sound selectively to persons who touched by a vibrator on the arm or other parts of the 
upper body. However, there are many unclear points in details of perceptual characteristics and 
propagation mechanisms in distantly presented BCU.  

In this study, in order to acquire useful information on elucidation of perceptual characteristics 
and propagation characteristics, hearing thresholds, the vibration in the external auditory meatus, and 
the vibrations of the upper limb were measured. 

2. EXPERIMENTS 

2.1 Participants and Stimulus Locations 
Seven participants (male, 21-24 years) who had no history of deficits of hearing functions 

participated in the experiment. 
BCU stimuli were presented to the 8 locations: (A) the mastoid process of the temporal bone, (B) 

the sternocleidomastoid muscle, (C) the sternal extremity of the clavicle, (D) the acromial process,  
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Figure 1 – Stimulus locations 

(E) the brachialis muscle, (F) the brachioradial muscle, (G) the xiphoid and the thoracic vertebrae 
(Figure 1), by a piezoelectric ceramic vibrator (Murata Manufacturing MA40E7S). To the mastoid 
process, the vibrator was pressed using a head band. For other locations, an elastic band was used to 
hold the vibrator. 

2.2 Experiment 1: Measurement of Hearing Thresholds (5) 
Hearing thresholds were measured using a 2 up-1 down three-alternative forced-choice (3AFC) 

adaptive procedure. A 30-kHz tone-burst was used as the BCU stimulus.  
The results showed that BCU presented to the distal parts, including the lower arm, can be 

perceived at least in normal hearing participants, but threshold increased depending on the distance 
from the head.  

2.3 Experiment 2: Measurement of the Vibration in the Ear Canal (6) 
In order to acquire useful information on elucidation of perceptual characteristics, as in previous 

studies (7), the acceleration sensor (Ono Sokki NP-3211) wrapped in a 10-mm diameter urethane 
material was inserted in the left ear canal, and the vibration generated by the 30-kHz BCU tone in the 
external ear canal was measured. The frequency spectrum was calculated from obtained signals.  

The peak of the spectrum corresponding to the stimulation frequency (30 kHz) was clearly 
confirmed at all tested body parts. On the other hand, no significant peak other than 30 kHz was 
confirmed. As the stimulation part moved away from the head, the vibration tended to attenuate. 
However, although the distance from the thoracic vertebrae and the xiphoid were almost equal, the 
vibration was larger for the thoracic vertebrae than the xiphoid. 

2.4 Experiment 3: Measurement of the Vibration of the Upper Limb (6) 
In order to investigate only attenuation due to propagation distance, when BCU was presented to 

near the wrist, the vibration of the upper limb was measured at 9 surface points lined up straight from 
the next division of the stimulation site (measurement point 1) to the acromial process (measurement 
point 9). The acceleration sensor was attached to each measurement point with nonwoven surgical tape. 
The frequency spectra were calculated from obtained signals. 

At all subjects and measurement points, spectral peaks corresponding to the stimulation frequency 
(30 kHz) were obtained. Figure 2 shows the spectral peak value corresponding to the 
stimulus-frequency obtained at each measurement point. The surface vibration decreased as the 
distance from the vibrator increased at the lower arm or the oval head point. On the other hand, at the 
upper arm, although the distance from the vibrator increased, the surface vibration was not attenuated.  
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Figure 2 – Acceleration for the 30-kHz component measured at each point on the upper limb. 

3. DISCUSSION AND CONCLUSIONS 
In this study, to assess basic properties of distal-presented BCU hearing, hearing thresholds, the 

vibration in the ear canal and the vibration of the upper limb were measured.  
The auditory threshold increased as the stimulus locations moved away from the head, and the 

vibration caused by BCU stimulation in the ear canal attenuated. Also, the vibration on the body 
surface was attenuated as the measurement points moved away from the stimulation point. From these 
results, it is suggested that BCU stimulation is attenuated due to the propagation distance. However, it 
was also found that there is a difference in propagation efficiency depending on the stimulus location. 
For example, a raised and hard location like the upper arm or the thoracic vertebrae is suitable as a 
stimulation point. 

These results provide useful information not only for the improvement of the existing BCU hearing 
aid, but also for the development of novel “distantly-presented BCU” devices that can provide sound 
information selectively to at specific person who touches the device with their arms or hands. 
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ABSTRACT 
There is a projection of efferent nerve fibers called the olivocochlear bundle connecting the brainstem to the 
outer hair cells (OHCs). It is said that the olivocochlear system protects the inner ear by responding to sounds 
and suppressing the OHC amplification. Therefore, measuring the reaction (medial olivocochlear reflex; 
MOCR) strength is expected to be an applicable method of evaluating the possibility of noise-induced hearing 
impairment in advance. Since the MOCR strength fluctuates with each measurement, there is a problem that 
it is difficult to evaluate the function of the MOC system stably. In this study, we examined the influence of 
fluctuation of awareness during sleeping on MOCR. The awareness was evaluated objectively using 
electroencephalogram, and MOCR strength was evaluated by measuring otoacoustic emissions, which reflect 
the OHC amplification. There was a significant positive correlation between MOCR strength and α wave 
amplitudes, which reflects awareness. This result indicates that MOCR strength, and hence the inner ear 
protective function become weaker as awareness decreases. Therefore, exposure to loud sounds during a 
decline in awareness may increase the risk of causing noise-induced hearing impairment. 
 
Keywords: Medial olivocochlear reflex, Sleep, Electroencephalogram 

1. INTRODUCTION 
From the brainstem to the outer hair cells (OHCs), there is a projection of efferent nerve fibers 

called the olivocochlear bundle. It acts to suppress the amplification of OHCs in response to acoustic 
stimulation, and this reaction is called medial olivocochlear reflex (MOCR) (1). MOCR is thought to 
protect the inner ear from loud noises via this suppressing the OHC amplification (2). Therefore, 
measuring MOCR strength is expected to be an applicable method of evaluating the possibility of 
noise-induced hearing impairment in advance (2, 3). However, since MOCR strength fluctuates with 
each measurement, there is a problem that it is difficult to evaluate the function of the MOC system 
stably. For example, it has been reported that the MOCR becomes weaker during sleep (4,5). Therefore, 
it is possible that MOCR strength depends on awareness. Despite this possibility, no studies have 
evaluated awareness level quantitatively and examined its relationship with MOCR. In this study, each 
stage from awakening to sleep was objectively evaluated using electroencephalogram (EEG) and their 
relationship with MOCR strength was investigated.  

2. METHOD 
The following measurements were taken during two hours of sleep in seven participants with 

normal hearing (one female, six males, average age 22.3 years, standard deviation 1.23 years).  

2.1 MOCR MEASUREMENT 
Otoacoustic emissions (OAE) is a weak sound generated on the basement membrane and is 
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considered to reflect the amplification function of OHCs. It is known that when noise is presented to 
the contralateral ear on the OAE measurement side, the amplitude of the OAE is suppressed  (1, 3). 
The amount of suppression is considered to reflect the MOCR strength (3). In this study, we measured 
the OAE evoked by a click in the right ear, when the contralateral noise for inducing the MOCR was 
presented to the left ear. Ear canal sound pressure was recorded using an Etymotic Research ER-10B 
low-noise microphone system inserted in each ear. The click had a duration of 100 μs and was 
presented at 60-dB peak-equivalent sound pressure level. The noise was band-pass filtered between 
100 and 1000 Hz and had a duration of 0.5 seconds including a 10-ms raised-cosine ramp. The noise 
was presented at sound pressure level of 60 dB. During the two-hours measurement session, the click 
and the noise were presented at intervals of 25 ms and 5s, respectively. The OAE waveforms measured 
from one minute before and one minute after each time point were extracted, and then the waveforms 
measured in the interval with and without contralateral noise were averaged respectively. The pressure 
levels of the OAEs for each condition were defined as RMS values in the region of 8–18 ms and are 
denoted as Pwith and Pwithout (in Pa). MOCR strength was defined as 20log10(Pwith/Pwithout).  

2.2 ELECTROENCEPHALOGRAM (EEG) MEASUREMENT 
The dominant component of EEG changes depending on sleep stage: β waves (13-30 Hz) at rest 

with opened eyes, α waves (8-13 Hz) at rest with closed eyes, θ waves (4-8 Hz) in light sleep, and δ 
waves (0.5-4 Hz) in deep sleep. To assess sleep stage objectively, the amplitude of each EEG 
component was monitored during the two-hours measurement session. The spectrum of EEG at each 
time point was calculated by applying Fast Fourier Transform (FFT) for a duration of 2 minutes at 1-
minute intervals within the 2-hours EEG measurement session. The strength of each EEG component 
at each time point was calculated by averaging the spectral amplitude in the frequency range 
corresponding to each EEG band. EEG was recorded using an amplifier (Nihon Kohden Corp. MEG-
2208). The reference electrode was attached to the left earlobe (A1), the different electrode to the 
right parietal region (C4), and the ground electrode was set to intercostal space (Fz).   

3. RESULT 
Figure 1 shows the averaged correlation coefficient between the time variation of OAE suppression 

(MOCR strength) and the time variation of each EEG component. The correlation coefficient between 
the time variation of the amount of OAE suppression and the α-wave activity was statistically 
significantly greater than 0 (p = 0.0488), but the correlation coefficient between other EEG 
components was not significantly different from 0 (p > 0.05). Furthermore, the time variation of OAE 
amplitude did not have a significant correlation with the α-wave activity. 

 

Figure 1 – Average value of correlation coefficient between β wave, α wave, θ wave, δ wave and the 

amount of OAE suppression. Error bars represent standard variation of the mean. *p < 0.05. 

6617



 

 

4. DISCUSSION 
The amount of OAE suppression (MOCR strength) had a statistically significant positive 

correlation with the time variation of α-wave activity (appearing mainly from awakening to sleep 
onset). This result indicates that MOCR strength becomes weaker at a relatively early stage of sleep 
onset, which has a large change in awareness level, regardless of the depth of sleep. No correlation 
was found between the OAE amplitude and the α-wave activity. This result indicates that the inner ear 
function itself is not affected by the awareness level, but the activity of the MOC activity is affected 
by awareness level. Consequently, it is inferred that the inner ear protection function provided by 
MOCR also decreases when awareness level decreases. Therefore, being exposed to loud noise while 
awareness levels are decrease might increase the risk of causing noise-induced deafness. 
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ABSTRACT

Pure tones with different interaural time differences (ITDs) can be discriminated due to their differently
lateralized perception. For young normal hearing listeners, previous studies have identified a frequency
limit very close to 1400 Hz where an abrupt cliff-like increase in threshold ITD is observed. Published data
only reports thresholds at certain correct rates but does not report the correct rates decline with increasing
frequencies. Here, we report threshold ITDs as well as correct rates for a broader range of age and hearing
status. We investigate if individual high-frequency limits much below 1400 Hz are still cliff-like or more
gradual. Most existing models cannot account for the abrupt sensitivity decline without an explicit change
of parametrization between 1400 and 1500 Hz. A physiologically inspired model of the auditory pathway
suggests  that  the  duration  of  the  excitatory  input  to  the  medial  superior  olive  causes  the  steep  upper
frequency limit in young normal hearing listeners. Individual data can be fitted by varying the excitatory
postsynaptic potential duration along with peripheral parameters.

Keywords: Binaural, High Frequency Limit, Interaural Time Difference, MSO  
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Multivariate statistical analysis for acoustical characteristics of the
onomatopoeic expression on tinnitus
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Abstract
It is difficult to measure tinnitus objectively and quantitatively. Subjective expression with onomatopoeia is
adopted as one of the Japanese standard test methods used to assess tinnitus. In this test method, whether
tinnitus resembles pure tone or narrow band noise, and, frequency of the pure tone and bandwidth of the noise,
are determined. This study focused on the subjective expression with onomatopoeia about the tinnitus the patient
complained. Techniques of multivariate statistical analysis are used for evaluation of timbre on the subjective
expression with onomatopoeia about the tinnitus. Specifically, first, the Semantic Differential (SD) method with
7-point bipolar adjectival scale is employed to evaluate timbre on the subjective expression with onomatopoeia
about the tinnitus. Next, 3 factors related to timbre on the subjective expression with onomatopoeia were
extracted by use of factor analysis. Then, subjective expression with onomatopoeia about the tinnitus was
classified by factor score.

Keywords: Onomatopoeia, Tinnitus, Semantic differential method, factor analysis

INTRODUCTION
In recent years, tinnitus retraining therapy (TRT) [1], which seeks to improve brain plasticity and adaptation to

tinnitus, has received a lot of attention as a treatment based on a neurophysiological model of tinnitus. TRT

is a sound therapy that aims to remove tinnitus from conscious perception. The goal of TRT is to decrease

the discomfort associated with tinnitus by using constant low sound pressure levels of broad-band noise (white

noise, pink noise, speech noise) to reduce the detectability of tinnitus at the subconscious level. Although the

systemization of the therapeutictechniques in TRT is progressing [2], but first it is necessary to understand the

acoustical characteristics of tinnitus correctly. It is difficult to measure tinnitus objectively and quantitatively.

Subjective expression with onomatopoeia is adopted as one of the Japanese standard test methods used to assess

tinnitus. In this test method, whether tinnitus resembles pure tone or narrow band noise, and, frequency of the

pure tone and band width of the noise, are determined. This study focused on the subjective expression with

onomatopoeia about the tinnitus the patient complained. Techniques of multivariate statistical analysis are used

for evaluation of timbre on the subjective expression with onom atopoeia about the tinnitus. Specifically, first,

the Semantic Differential (SD) method with 7-point bipolar adjectival scale is employed to evaluate timbre

on the subjective expression with onomatopoeia about the tinnitus. Next, 3 factors related to timbre on the

subjective expression with onomatopoeia were extracted by use of factor analysi s. Then, subjective expression

with onomatopoeia about the tinnitus was classified by factor score.

OUTLINE OF PSYCHOLOGICAL EXPERIMENT
The timbre of onomatopoeia about the tinnitus the patient complained were examined using SD (Semantic

Differential) method.

2.1 Participants
A total of 12 students with normal hearing participated in the psychological experiment.
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Table 1. Pairs of adjectives

gentle — hard

distinct — dull

clamorous — quiet

deep — metalic

clear — thick

strong — weak

calm — shrill

beautiful — ugly

powerful — unsatisfactory

bright — dark

glossy — matte

rich — poor

Table 2. Factor loadings

Adjective pair I II III

gentle — hard -0.472 0.442 0.336

distinct — dull 0.131 0.230 -0.640
clamorous — quiet 0.755 -0.307 -0.068

deep — metalic 0.327 -0.067 0.720
clear — thick -0.400 0.725 -0.208

strong — weak 0.826 -0.260 0.003

calm — shrill -0.082 -0.144 0.639
beautiful — ugly -0.312 0.768 -0.116

powerful — unsatisfactory 0.801 -0.243 0.012

bright — dark -0.160 0.666 -0.360

glossy — matte -0.021 0.778 -0.146

rich — poor 0.803 0.041 0.090

Proportion of variance explained 26.46% 22.16% 13.92%

2.2 Onomatopoeia
This study focused on the subjective expression with onomatopoeia about the tinnitus the patient complained.

The 86 onomatopoeia [3] in Japanese were enployed in psychological experiment.

2.3 Procedure
The timbre of these onomatopoeia were examined using SD (Semantic Differential) method. Each onomatopoeia

was presented repeatedly to the participants on the monitor until their judgments were over. The participants

rated their psychological impressions of the onomatopoeia on a seven-point category scale for 12 pairs of ad-

jectives. The pairs of adjectives were shown in Table 1.

FACTOR ANALYSIS
The data for 12 pairs of adjectives for the onomatopoeia were analyzed with the method of factor analysis. 3

factors would be extracted by the criterion that eigenvalues are more than 1 were applied. The factor loadings

of the pairs of adjectives for the 3 factors are shown in Table 2. In this table, the values of factor loading with

absolute values above 0.6 are shown in bold.
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Figure 1. Factor loadings for each adjective pair
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Figure 2. Semantic profile of the onomatopeia related to the "poweful" factor
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Figure 3. Semantic profile of the onomatopeia related to the "beautiful" factor
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Figure 4. Semantic profile of the onomatopeia related to the "metallic" factor
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Figure 5. Factor scores of the onomatopeia

Factor loadings of the first factor, Factor 1, have larger loadings in the case of adjective "clamorous — quiet",

"strong — weak", "powerful — unsatisfactory" and "rich — poor". Factor I can be interpreted as "powerful"

factor. Factor 2 shows high loadings for "clear — thick", "beautiful — ugly", "bright — dark" and "glossy —

matte" and can be interpretedas "beautiful" factor. Factor 3 shows high loadings for "distinct — dull", "deep —

metalic" and "calm — shrill", and can be regarded as "metalic" factor. Furthermore, the relatiohship among 3

foctor loadings about 12 pairs of adjectives, were shown in Figure 1.

Examples of the semantic profiles for onomatopoeia related to the "powerful" factor are shown in Figure 2.

It can be seen that /gaNgaN/, /goo/, /baaN/, /zyaaN/ and /gooN/ of onomatopoeia give the psychological im-

pression "clamorous", "strong", "powerful" and "rich". Figure 3 shows examples of the semantic profiles for

onomatopoeia related to the "beautiful" factor. It can be seen that /piiN/, /riiN/, /rii/, /miNmiN/ and /miiN/ of

onomatopoeia give the psychological impression "clear", "beautiful" and "bright". In Figure 4, examples of the

semantic profiles for onomatopoeia related to the "metalic" factor are shown. It can be seen that /kii/, /kiiN/,

/kaaN/, /tiiN/ and /pii/ of onomatopoeia give the psychological impression "distinc", "metalic", "shrill".

Figure 5 shows the relatiohship among 3 factor scores about the abnove onomatopoeia. It was confirmed that

the distribution on factor score for each category was very different.

CONCLUSIONS
In this study, the subjective expression with onomatopoeia about the tinnitus the patient complained, were

adopted to the techniques of factor analysis for evaluating the timbre about the tinnitus. Result of employng the

semantic Differential (SD) method with 7-point bipolar adjectival scale and factor analysis to evaluate timbre on
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the subjective expression with onomatopoeia about the tinnitus, 3 factors: "powerful", "beautiful" and "metalic",

were extracted. Subjective expression with onomatopoeia about the tinnitus was classified by factor score.
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ABSTRACT 
Our previous study reported that a preceding sound, regardless of whether it induced a medial olivocochlear 
bundle reflex (MOCR) by itself, expedites MOCR, and a 60-dB-SPL preceding-noise, which also induces an 
MOCR, that enhances, in addition to expediting, the MOCR. The current study compares the dependency of 
the enhancing and expediting effects on the preceding time interval. The MOCR is induced by sounds and 
exerts an inhibitory effect on the outer hair cells. The suppressive effect was assessed non-invasively in terms 
of the suppression of otoacoustic emissions (OAEs) induced by a contralateral acoustic stimulation, referred 
to as MOCR elicitor. A 60-dB-SPL noise was used as a preceding sound, and the inter-stimulus interval (ISI) 
between the preceding sound and the MOCR elicitor was varied from 0.5 to 2 s. The MOCR strength 
decreased as the ISI became larger and reached the same level as without a preceding sound within 2 s of ISI. 
In contrast, the onset delay of the MOCR did not depend on the ISI and was still significantly smaller than 
without a preceding sound even at 2 s of ISI. The difference in the dependency of the preceding time interval 
implicates that the preceding-sound-induced enhancing and expediting effects are underpinned by different 
mechanisms. 
Effects of a preceding sound on medial olivocohlear bundle reflex as a function of the preceding time interval 

 
Keywords: medial olivocochlear reflex, preceding sound, otoacoustic emissions 
 

1. INTRODUCTION 
	 The medial olivocochlear reflex (MOCR) is a feedback response that controls the input to the 
auditory system. Outer hair cells (OHCs) are innervated by the medial part of the superior olivary 
complex via the medial olivocochlear (MOC) bundle. These MOC fibers are activated by acoustic 
stimulation and exert an inhibitory effect on OHC motility. This suppressive effect has been termed 
the MOCR, and is thought to play an important role in improving the detection of signals in the 
presence of background noise (1, 2), in selectively attending to target signals (3), and in protecting 
the auditory periphery from damage caused by acoustic overexposure (4, 5).	
	 Most previous studies of the MOCR have measured the responses induced by single acoustic stimuli, 
such as a single short-duration or continuous contralateral white noise (5, 6, 7, 8), and it is not clear 
whether or how the MOC system changes its behavior based on the history of time-varying acoustic 
inputs. In contrast, in a previously published study, we reported that a preceding sound, regardless 
whether it induced an MOCR by itself, expedites MOCR, and a 60-dB-SPL preceding-noise, which 
itself induces an MOCR, and not only expedites but also enhances the MOCR (9). The result implies 
that MOCR dynamically changes depending on the history acoustic inputs. However, it is not clear 
whether the preceding-sound-induced enhancing and expediting effects are underpinned by the same 
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mechanism. To clarify this, the present study compares the dependency of the enhancing and 
expediting effects on the inter-stimulus interval (ISI) between the preceding sound and the MOCR 
elicitor. Hypothetically, if both effects were caused by the same mechanism, their ISI dependency 
would be similar.  

2. METHODS  

2.1 Participants 
Twelve volunteers (two males and ten females) aged 21–32 years (mean=23.8, standard 

deviation=3.7) participated in the study. Ears from all volunteers had normal pure-tone audiometric 
thresholds (HL< 20dB), ranging from 0.25 to 8kHz. The experiments were approved by the Research 
Ethics Committee of NTT Communication Science Laboratories and Chiba University.  

 

2.2 Stimuli and procedure  
We measured the contralateral MOCR in terms of the suppression of click-evoked otoacoustic 

emissions (CEOAEs) induced by noise presented to the contralateral ear. Click trains were played into 
the right ear canal to generate CEOAEs from within the cochlea. Each click had a duration of 100 μs 
and was presented at a 55-dB peak-equivalent sound pressure level (SPL). Clicks were presented at a 
rate of 50 times per second. The MOCR was elicited by a noise presented to the left ear, referred to 
as the MOCR elicitor, during the CEOAE recording. The noise was band-pass filtered between 100 
and 10,000 Hz, with a duration of 0.5 s, including a 10-ms raised-cosine ramp. The noise was 
presented to the left ear at 60-dB SPL. As a preceding sound, the same noise was presented prior the 
MOCR elicitor. To evaluate the effect of the preceding time interval, the inter-stimulus interval (ISI) 
between the preceding sound and MOCR elicitor was varied in 0.5, 1, 1.5 and 2 s.  A MOCR without 
any preceding sound was also measured.  

 

2.3 Recording and data analysis  
Ear-canal sound pressure was recorded with an Etymotic Research ER-10B low-noise microphone 

system inserted in each ear. The recorded signals were band-pass filtered between 1 and 4 kHz, for 
which the largest MOCR-related CEOAE suppression was observed. An epoch with duration of 2.5 s, 
including 1.5 s pre-onset and 0.5 s post-offset of the MOCR elicitor, was extracted from the filtered 
signals for every presentation of an MOCR elicitor. The extracted epochs were averaged across the 
trials for each condition, and a time series composed of 125 CEOAE waveform samples was obtained 
from the averaged epoch. To smooth fluctuations included in the time series, ten adjacent CEOAE 
waveform samples were averaged for each time point. The CEOAE level (in dB SPL) was calculated 
as an RMS value for each waveform sample in the 8–18-ms region of the waveform. Lastly, a time 
course of MOCR was obtained by subtracting the baseline level from the time series of CEOAE levels. 
The baseline level was defined as the average CEOAE level in a period of 1 sec prior to the onset of 
the first stimulus in a series. The strength of the MOCR for each time course was defined as the mean 
suppression between time points 0.25 and 0.75 s after the onset of the preceding sound. The onset 
delay was defined as the time at which the OAE level decreased by 0.25 dB from the baseline.  

 

2.4 Equipment 
Stimuli were digitally synthesized with sampling rates of 48 kHz and converted to analog signals 

using an Fireface UCX (16 bits). The analog signals were amplified by a headphone buffer and 
presented through Etymotic Research ER-3A earphones connected to an ER-10B low-noise 
microphone system. The two outputs from the ER-2A were calibrated using a DB2012 accessory 
(external ear simulator) of a Bruel and Kjaer Type 4257 ear simulator (IEC 711). Ear canal sound 
pressure was recorded using an Etymotic Research ER-10B low-noise microphone system inserted in 
each ear. All measurements were conducted in a double-wall sound-attenuating room. 
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3. RESULT AND DISCUSSION 
Consistent with the previous study (9), it took several hundred ms for the MOCR to build up and 

the strength of suppression ranged from 2.5 to 3 dB. The MOCR strength decreased as the ISI became 
larger and reached the same level as without a preceding sound within 2 s of ISI. In contrast, the onset 
delay of the MOCR did not depend on the ISI and was still significantly smaller than without a 
preceding sound even at 2 s of ISI. We compared the strengths and onset delay of the MOCR induced 
by a preceding sound across the conditions using a repeated-measures analysis of variance (ANOVA), 
with the ISI as the within-subjects factor. The ANOVA revealed a significant effect of ISI on the 
strength of the MOCR (F3, 33 = 10.5, p<0.001). A post hoc comparison using Ryan’s method showed 
that MOCR with ISI of 2 s was significantly larger than that with ISI of 1 s (T = 3.0, p = 
0.0047<nominal level calculated by Ryan’s method; Fig. 1) and 1.5 s (T = 5.1, p<0.0001<nominal 
level calculated by Ryan’s method; Fig. 1). In contrast, there was no significant effect of ISI on the 
onset delay of the MOCR (F3, 33 = 0.48, p = 0.70).  
	 Together with the previous results that a 40-dB preceding tone, which itself does not induce MOCR, 
did not enhance MOCR (Otsuka et al. 2018), the enhancement may reflect an adaptation induced by 
a preceding sound. A possible mechanism is the slow component of the MOCR. Cooper and Guinan 
reported that repeated electrical shocks to the MOC bundle increase MOCR strength on a time scale 
of tens of seconds, referring to this as the “slow effect” (10). Guinan and coworkers attributed the 
slow effect to a gradual decrease in OHC stiffness due to prolonged release of ACh, which is the 
primary neurotransmitter at MOC terminals (11). The decrease in OHC stiffness should recover with 
time after the stimulation, and the monotonic decrease of MOCR enhancement as a function of ISI 
may reflect the recovery process. In contrast, the expediting effect lasts at least two seconds. The 
difference in the dependency of the preceding time interval implicates that the expediting effect cannot 
be attributed easily to the adaptation in the cellular processes, and the preceding-sound-induced 
enhancing and expediting effects are underpinned by different mechanisms.  
 
 
 

 
Figure 1 Comparison of the effects of ISI between a preceding noise and MOCR elicitor on the 

strength and onset delay of MOCR. Error bars represent standard error of the mean. **p<0.01, 
***p<0.0001 (Corrected for multiple comparisons with Ryan’s method). ISI, inter-stimulus interval; 
MOCR, medial olivocochlear reflex. 
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ABSTRACT 
We propose a voice conversion model for estimation of transfer characteristic in auditory feedback. A 
speaker feels a sense of discomfort when the speaker listens to recorded speaker’s speech sound. The 
phenomenon is caused by the different transfer pathways. The recorded speech sound contains just air 
conducted (AC) sound from the speaker. On the other hand, the speech sound by the speaker has AC and bone 
conducted (BC) sounds in auditory feedback. There is a problem that the sound source position and the 
listening point cannot be underspecified. In this paper, we proposed a voice conversion model of AC and BC 
voices for estimation of transfer characteristic in auditory feedback. Converted voice was obtained by 
synthesizing AC and BC voices with time delay, AC/BC ratio, and reverberation time as parameters. BC 
voice was obtained by filtering from AC voice. The transfer characteristic in auditory feedback was estimated 
by subtracting spectrum of converted voice from that of AC voice. 
 
Keywords: Voice conversion, Auditory feedback, Air-conducted speech, Bone-conducted speech, 

1. INTRODUCTION 
When we listen to our recorded speech, we have slightly different listening sense. The different 

sense is caused by auditory feedback (AF) in air-conducted (AC) and bone-conducted (BC) speech. We 
listen to our own AC and BC speech simultaneously when we speak, which means speakers perceive 
their own voices from their production systems while communicating through speech [1]. This 
mechanism is referred to as AF. The AF has an important role of the monitoring loop for pronunciation 
in speech chain [2]. The speech chain is considered as a mechanism of information pathways in human 
speech communication. Delayed auditory feedback (DAF) is one of the techniques for investigating 
the importance of such monitoring loop. We cannot smoothly speak in DAF experiment. It is caused by 
time delay of AC speech [3]. Here, the recorded own speech contains just AC speech. 

The transfer function between AC and self-perceived own (SPO) voices cannot be measured. AC 
speech can be easily record by ordinary microphones. However, the s SPO voices at the listening point 
in auditory perception cannot be measured by microphone as physical measurement. Therefore, the 
transfer function should be estimated by other approaches. If we can obtain the transfer characteristics 
between AC and SPO voices, the transfer characteristics will be breakthrough for hearing of tone 
deaf. 

The transfer function from AC to SPO voices were estimated using equalizers by peak and shelf 
filters [4]. The SPO voice was estimated from AC speech by voice conversion using equalizers. Thus, 
the transfer function was estimated from AC and SPO voices. This estimate approach from AC and 
SPO voices are very useful to estimate the transfer function in AF. However, the approach cannot 
clarify the detail of the pathway between AC and SPO voices. Voices in AF for estimating the 
transfer function should be converted from AC voice based on the model by AC and BC voices using 
conventional studies. The studies on different pathways with AC and BC voices can be hints to 
clarify the transfer characteristics with AC and SPO voices. Computer simulation can be one of the 
useful approaches to estimate the transfer function of BC voice in human head. Fujisaka et al. 
analyzed BC sound wave propagation using FDTD method for computer simula tion [5]. The transfer 
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function between AC and BC was estimated using singing voice [6]. In the experiment, AC and BC 
singing voices were recorded by Supercardioid type and piezo contact microphones, respectively. 
They showed the frequency characteristics of AC and BC singing voices. The AC voices were 
delayed about 0.4-0.8 ms from BC voices in AF [7]. In the experiment, BC voice was recorded on 
skin around left mastoid process by acceleration sensor, vocal-fold vibration was recorded on skin 
around left thyroid by acceleration sensor, and AC voice was recorded on left pinna by small 
microphone. The delay time between AC and BC voices in AF was calculated using the times on 
three recorded times. 

In this paper, we propose voice conversion model based on AC and BC voices for estimation of 
transfer characteristic in AF. The voice conversion model can be used to obtain the SPO voice from AC 
voice. 

2. ESTIMATION OF TRANSFER CHARACTERISTICS IN AUDITORY FEEDBACK 

2.1 Estimation of Transfer Characteristics Using Voice Conversion Model 
We mention that our concept for the estimation of transfer characteristic in auditory feedback in this 

section. One of the approaches to estimate the transfer characteristics in AF is the estimation using 
voice conversion from AC voice [4]. Estimation approaches of transfer characteristics using AC and 
SPO voices are very useful. In the research, SPO voices were obtained by an equalizer. In this research, 
we obtained SPO voice based on the voice conversion model of pathway from AC and BC voices. We 
explain the model in the next subsection. 

2.2 Voice Conversion Model 
Pathways for SPO voice by AC and BC voices should be considered to establish the model of voice 

conversion in AF. We propose a voice conversion model from AC and BC sounds. The outline of the 
model is shown in Fig. 1. 

 

Figure 1  Voice conversion model 
 
BC voice is converted from recorded AC voice by filtering. The filter is constructed based on 

spectra of AC and BC singing voices that was referred from Won & Berger [6]. The filter characteristic 
is obtained by subtraction AC spectrum from BC spectrum as referred in Fig. 1 in [6]. The filter 
characteristic for conversion from AC spectrum  to BC spectrum  was obtained as 
follows, 

 (1) 
where f is frequency, F is the obtained filter characteristic. The obtained filter characteristic was 
shown in Fig. 2. The filter for conversion to BC voice consist of a low pass filter with cutoff 
frequency 200 Hz, and two bandpass filters of 250-500 and 750-1500 Hz, based on the Fig. 2. BC 
voice was obtained by these three filters. 

Three parameters of time delay td, AC/BC power balance ABR, reverberation time tr were used in 
the model to convert SPO voice from AC and BC voices. The time delay was set as the time delay of 
AC voice from BC voice, based on the results in [7]. The AC/BC power ratio ABR was set to fix the 
power difference of AC and BC voices. The ABR was calculated as follows, 

where  is the power of AC voice and  is the power of BC voice. The artificial reverberation 
using reverberation time tr was set to assumed that the effect of reflection in head. Schroeder’s room 

 (2) 
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Figure 2  Filter characteristics for conversion from AC voice to BC voice 
 

impulse response [8] were implemented as artificial reverberation. However, the enormity of the 
effect of the reflection is not cleared. Thus, the effect of the reflection in head will be clarified by an 
experiment using the model. 

Arrival time of recorded AC voice was delayed using time delay td from arrival time of BC voice. 
In the next process, the delayed AC and converted BC voices were fixed these power balance, then 
these AC and BC voices were summed. After that, the SPO voice was obtained by convolving the 
impulse response as reverberation. 
 

2.3 Application of Voice Conversion 
Applications of voice conversion based on voice conversion model in subsection 2.2 was created by 

MATLAB. The applications consisted of recorded and conversion parts in Fig. 3 and 4, respectively.  
Speakers’ vowels of /a/, /i/, /u/, /e/, /o/ can be recorded each three times when they select the name in 
the left box in Fig. 3, and push the button of “Recording Start.” Recording time was determined up to 
3 s. Waveform window is shown on the top for checking a waveform of the recorded own vowel after 
recorded. Recorded condition is shown as checked box on the right bottom in Fig. 3.  

 

Figure 3  Screenshot of application for recording 
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Figure 4  Screenshot of application for voice conversion 
 

The recorded own vowels by the recording application in Fig. 3 are converted to obtain the 
self-perceived vowels by the application of voice conversion in Fig. 4. Delay times td were set 
0.00-0.14 s at a certain interval 0.02 s. AC/BC ratios ABR were set 100-0 dB. ABR = 0 dB means AC 
and BC power level are equal to each other. Reverberation times tr were set 0.00 to 0.40 s. A 
recorded own vowel are selected from left panel, then three parameters are fixed on the top panel. 
After clicking the “set” and “play” buttons, converted vowel was played. After fixing these 
parameters to best self-perceived vowel and clicking the “complete” button, the values of parameters 
and converted vowel are saved automatically to new .mat and .wav files, respectively. 
 

3. EXPERIMENTS 

3.1 Experimental Condition 
The proposed voice conversion model from AC voice in AF was tested in the experiment. 
Four male speakers aged 19-22 participated in the experiments. They are native Japanese 

speakers.  
The AF experiments consisted of recording and voice conversion sessions. Figure 5 shows a 

schematic diagram of the recording system in AF experiments.  

 

Figure 5  Schematic diagram of the recording system in AF experiments 

 
Experiments were conducted in a small room. Speaker’s voices were recorded through a microphone 
(Rode NT1 KIT) and routed through an audio interface (Roland QUAD -CAPTURE) to a PC (Apple 
MacBook Pro, with OS macOS High Sierra 10.13.8). The recording application in Fig. 3 was used to 
record the vowels. The sampling frequency was 8 kHz and the number of quantizing bits was 16. 
Figure 6 shows a schematic diagram of the voice conversion system in AF experiments. The vowels 
were routed through the interface, presented to the listeners (participants) through an open 
headphone (AKG K712) The application of voice conversion as shown in Fig. 4 was used to convert 
vowels. The system latency did not concern because sessions of recording and voice conversion were 
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Figure 6  Schematic diagram of the voice conversion system in AF experiments 
 
separated. 

Speakers uttered five vowels of /a/, /i/, /u/, /e/, /o/ using recording application in recording 
session. Each vowel was uttered three times in each speaker. The distance between microphone and 
speaker were set around 0.2 m. 

In the voice conversion session, a participant converted own recorded vowels to self-perceived 
vowels using voice conversion application. Sequential order of vowels in a certain conversion trial 
was “/a/, /i/, /u/, /e/, /o/.” The trial was repeated totally three times. In each stimulus, the participant 
fixed three parameters to get close to the self-perceived voice. The participant can utter the same 
vowel while listening to converted own vowel when fixing these parameters in the experiment. 

 

3.2 Results 
The results of AF experiments were shown in Tab. 1. These results were calculated by average of 

participants and trials number. The results of these parameters were different in each vowel. Effects 
of time delay from BC voice were around 0.07 s. The results showed the possibility of time delay in 
section of ear canal entrance and auditory periphery because the large time lag was shown between 
the time delay in [7] and the results in Tab. 1. AC/BC ratios of /a/ and /o/ were smaller than the 
others. The results implied that the effects of BC voice in /a/ and /o/ were larger than /i/, /u/, and /e/.  
Reverberation times of /a/, /u/ and /e/ were over 0.1 s. It is assumed that the converted vowel from 
AC and BC voices was perceived like two separate stimuli because of the effects of time delay in 
voice conversion. However, it is assumed that the converted vowel, where the room impulse 
response was convolved, was heard as one unified stimulus. The results implied that the 
reverberation affects the voice conversion model from two signals like AC and BC voice to a signal 
like self-perceived voice. 

The spectra of recorded and converted voice /e/ by a participant were shown in Fig. 7. For the 
analysis, the window size was set 2,048 and Hanning window was used. The higher frequency 
components were drastically attenuated in the converted (SPO) voice compared with the recorded 
(AC) voice. 

 
Table 1   Results of AF experiments 

 Time delay [s] AC/BC ratio [dB] Reverberation time [s] 

/a/ 0.070 37.5 0.115 

/i/ 0.070 48.3 0.062 

/u/ 0.077 47.5 0.130 

/e/ 0.057 67.9 0.153

/o/ 0.075 37.9 0.072
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Figure 7  Spectra of recorded and converted vowels /e/ by a participant 

 
The transfer characteristics between recorded and converted (self -perceived own) voice can be 

obtained by subtracting spectrum of converted voice from spectrum of recorded AC voice. This is 
almost the same process with estimate transfer function from AC and equalized voices [4]. The 
calculated transfer characteristics of voice /e/ by a participant were shown in Fig. 8. The transfer 
characteristics showed low-pass characteristics. 

 
Figure 8  Transfer characteristic of vowels /e/ by a participant 

4. CONCLUSIONS 
This paper proposed the voice conversion model by AC and BC voices for estimating transfer 

characteristics between recorded and SPO voices in AF. Time delay, AC/BC ratio and reverberation 
time were considered as parameter in the model. The results show the possibility that the voice 
conversion model by AC and BC voices can be used to obtain the SPO voice from recorded AC voice. 
Moreover, the results showed the possibility to estimate the transfer characteristics. The 
individuality and affect reverberation should be considered in the future work.  
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ABSTRACT 
A sound image revolves around the head with head rotation in the monaural listening condition. The sound 
image moves by a large angle around the listener’s head when the sound source moves from the open-ear side 
to the blocked-ear side, and vice versa, based on the listener’s head rotation. Sounds presented from a certain 
direction actually jump from rear to front or from the center line to the left/right side of a listener’s head and 
vice versa, and a listener perceives segregated sound images at a certain head rotation angle. We measured 
the sound image trajectory of a fixed sound source with head rotation while listening under the monaural 
listening condition. Results show that sound image segregation tends to occur when the sound source 
crosses the boundary between the open-ear and blocked-ear sides as a result of head rotation. Two sound 
image locations calculated from the direct and diffracted waves along the head from the sound source can 
cause spatial sound image segregation under the monaural listening condition. 
 
Keywords: Monaural, Sound image trajectory, Sound segregation 

1. INTRODUCTION 
The interaural time difference (ITD), interaural level difference (ILD), and spectral cue (SC) are 

well-known important cues for sound localization (1). However, ITD and ILD cannot be cues in the 
monaural listening condition because they are binaural cues. SCs are cues that can be used to localize 
sound in the monaural listening condition. Unilateral deaf persons (2) or normal-hearing persons with 
one ear blocked by an earplug (3) can actually localize sound sources on the horizontal plane of the 
available-ear side, suggesting that the SCs of the ear can be cues to localize sound when ITD and ILD 
are unavailable. 

The temporal variations of the ITD, ILD, and SCs produced by head rotation are also well-known 
significant contributors to the improvement of binaural sound localization accuracy (4, 5, 6). Thus, the 
temporal variation of SCs produced by head rotation is also expected to improve the accuracy in 
monaural sound localization. However, monaural sound image localization experiments under the 
head rotation condition have shown that the sound image flies around the head with head rotation in 
the monaural listening condition. The sound image moves by a large angle around the head when the 
sound source moves from the open-ear side to the blocked-ear side, and vice versa, with head rotation 
(7, 8). All listeners perceive the sound image flying around the head with head rotation when the 
stimulus sound is presented from a certain direction. The sound image jumps from rear to front or from 
the center line to left/right side of a listener’s head, and vice versa. Furthermore, some listeners 
perceive two segregated sound images at a certain head rotation angle. 

This study describes this spatial sound segregation phenomenon in the monaural listening condition 
and discusses its cause. 

2. METHODS 

2.1 Experimental system 
Figure 1 shows the experimental system. The sound reproduction system used herein comprised a 

Windows-based PC, two digital-to-analog converters (DACs; RME, Fireface UFX), 12 power 
amplifiers (ONKYO, CR-N755), and 12 loudspeakers (Vifa, MG10SD-09-08). The sampling 
frequency of the DACs was 48 kHz. The loudspeakers were placed around a chair centered on a 
horizontal circle of 1 m radius at 30° intervals. The loudspeakers were mounted at a height of 1.1 m.  
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The answering system comprised a tablet-type device (apple, iPad), a stylus (Just Mobile, 
JTM-PD-000019), and a Mac-based PC. The tablet-type device has an answer interface function that 
sends answered coordinate values to the Mac-based PC via wireless UDP/IP communication. The 
communication protocol used was Open Sound Control (OSC). The answering interface was 
developed using an Mrmr OSC controller (9). The Mac-based PC received the coordinate values. 
Figure 2 shows the graphical user interface (GUI) of the answering interface on the tablet. The 
listener drew the sound image trajectory and the presence or absence of sound image segregation 
using the GUI. A discontinuous trajectory of the sound image was drawn when sound image 
segregation occurred. 

A listener could push the “next” or “repeat” buttons after the sound image trajectory of the 
stimulus was drawn. When the listener pressed the “next” button, a trigger signal was transmitted 
from the Mac-based PC to the Windows-based PC via a serial port, and the next stimulus was 
presented. When the listener pressed the “repeat” button, another trigger signal was transmitted, and 
the same stimulus was presented again. The listener was allowed to listen to the stimulus as many 
times as he/she wanted until a satisfying trajectory was drawn. 

2.2 Stimulus 
Broadband noise (i.e., Gaussian-distributed random noise) was used as the stimulus in the 

experiment. The duration of each stimulus was 5 s, and a 30-ms linear taper window was applied at its 
beginning and end. The A-weighted sound pressure level of the stimulus LA was set to 40 dB at the 
head center position. This low-sound-pressure-level stimulus was used to ensure the monaural 
listening condition. All normal-hearing listeners wearing earplugs (Moldex, Pure-Fit 6800s) in both 
ears could not hear the stimulus at this level. The earplug attenuated sound by 30 to 50 dB from 100 Hz 
to 20 kHz; however, some listeners wearing earplugs on both ears could still hear the stimulus 
presented at LA = 60 dB or 50 dB, possibly because of incomplete/ill-fitting of the earplugs in the 
ear-canals. 

The experiment was performed in an experimental room with the walls and the ceiling covered 
with sound-absorbing materials. The A-weighted background noise level of the room was 23 dB. 
Figure 3 shows the stimulus spectrum, the background noise spectrum of the room, the hearing 
thresholds (ISO 226-2003), and the hearing threshold with an earplug, considering the vertical axis 
as the sound pressure level, ref. 20 μPa. 

 

 

Figure 1 – Experimental system. 

3300

1100(height)

CR-N755
ONKYO

Fire face UFX
RME

Vifa
MG10  

SD-09-08

USB

Win PC

DAC

DAC

38
00

monitor

Tablet
device

iPad
apple

Wi-Fi router
Mac PC

30

6638



 

 

 

Figure 2 – Answering interface. 

 

Figure 3 – Stimulus spectrum, background noise spectrum of the room, hearing thresholds (ISO 226-2003), 

and hearing threshold with an earplug. 
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2.3 Procedure 
First, a listener put ear plugs in both ears and sat on the chair at the center of the circular speaker 

array. Second, the experimenter confirmed that the listener cannot hear the stimuli presented from 
the sides of either the left or the right ear (90° or 270°). The experimenter then removed one ear plug 
from the left or right ear, making that side the normal-hearing side. This procedure was performed to 
guarantee the monaural listening condition. 

The listener under the monaural listening condition was instructed to rotate his/her head by 
approximately 60° to the left or right from the front when the stimulus was presented. Pitch and roll 
head rotations were not allowed. In order to ensure that the listener’s head rotation was confined to a  
yaw angle within an acceptable range, the Euler angle of the listener’s head was monitored using a 
motion sensor (Ascension, Flock of Birds or Logical Product, LP -WSD004-0A) mounted on the top 
of the listener’s head. The listener’s task was to draw a sound image trajectory on the tablet-type 
device, after listening to the stimulus while turning his/her head. The listener could listen to the 
stimulus as many times as needed to obtain a reliable sound image trajectory. Thus, the depicted 
sound image trajectory data were not linked to the head rotation angle data of the listener being 
monitored. In addition, the listeners were instructed to place the tablet-type device on their laps 
while the stimulus was being presented, to avoid producing a reflected wave. 

Thirteen normal-hearing listeners participated in the experiments. All listeners participated in 
both right-ear blocked and left-ear blocked condition. They had experience in binaural sound 
localization experiments with static as well as dynamic head movement conditions.  

3. RESULTS 
Eleven listeners reported that sound image segregation occurred at some stimulus locations, 

whereas the remaining two listeners reported that no sound image segregation occurred at any of the 
stimulus locations. Figure 4 shows examples of the sound image trajectories of a typical listener who 
perceived the sound image segregation. 

When a listener with a blocked right ear turned his head counterclockwise, he perceived that the 
sound image discontinuously moved around the head from the front to the rear with the stimulus 
presented from the frontal (θs = 0°) loudspeaker. He perceived two segregated sound images at 
approximately −30° and −120° when he turned his head leftward (Fig. 4(a)). 

When a listener with a blocked right ear turned his head clockwise, he perceived a sound image 
that jumped from rear to front with the stimulus presented from the rear (θs = 180°) loudspeaker. He 
perceived two segregated sound images at approximately −15° and −165° when he turned his head 
rightward (Fig. 4(c)). 

Furthermore, when a listener with a blocked left ear turned his head clockwise, he perceived a 
sound image that jumped from rear to front with the stimulus presented from the right-front (θs = 
30°) loudspeaker. He perceived two segregated sound images at approximately 60° and 140° when 
he turned his head rightward (Fig. 4(b)). 

When a listener with a blocked left ear turned his head counterclockwise, he perceived a sound 
image that jumped from rear to front with the stimulus presented from the left-front (θs = −60°) 
loudspeaker. He perceived two segregated sound images at approximately 75° and 25° when he 
turned his head leftward (Fig. 4(d)). 

In this manner, 11 listeners perceived two segregated sound images when they rotated their heads 
to the angle where the sound image had just jumped. When sound segregation occurred, the sound 
image jumped from rear to front or from the center to the left/right side, and vice versa. 

Figure 5 summarizes the number of responses in which the listeners perceived sound image 
segregation in each stimulus direction for each of the two head rotation directions and two ear 
occlusion conditions. The abscissa of each panel represents the azimuth of the stimulus presented. 
The azimuthal angle was 0° at the front of a listener and positive, clockwise. 

When the listeners rotated their heads toward the open-ear side, most listeners perceived sound 
image segregation with the stimulus presented at 0° ± 30° (Figs. 4(a) and (b)). In contrast, when the 
listeners rotated their heads toward to the blocked-ear side, most listeners perceived sound image 
segregation with the stimulus presented at 60° to 120° with the blocked right ear (Fig. 4(c)) and 270° 
and 300° with blocked left ear (Fig. 4(d)). 
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Figure 4 – Examples of the sound image trajectory. (Red dot: sound image position at start, Green dot: 

perceived two sound image, Orange dot: Sound image position at the end) 

  

Figure 5 – Number of responses in which the listeners perceived sound image segregation. (a) Rotated to the 

open-ear side with a blocked right ear; (b) rotated to the open-ear side with a blocked left ear; (c) rotated to 

the blocked-ear side with a blocked right ear; and (d) rotated to the blocked-ear side with a blocked left ear. 
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Figure 6 – Open- and blocked-ear sides 

  

Figure 7 – Sum of the number of sound image segregation occurrences when the direction of the blocked-ear 

side was positive. (a) Rotated to the open-ear side and (b) rotated to the blocked-ear side. 

4. DISCUSSION 
The results showed that sound image segregation mostly occurred when the sound source 

direction crossed the boundary between the open- and blocked-ear sides (Figure 6) as a result of 
head rotation. 

Assuming left-right symmetry in the shape of the head and pinnae, the stimulus direction 
observed from the open-ear would have been the same under the following two conditions: turning 
the head clockwise with an open left ear, and turning the head counterclockwise with an open right 
ear. Thus, each of the two pairs of Figures 5 (a) & (b) and (c) & (d), can be combined into one figure 
respectively by using the abscissa of the stimulus azimuth between −60° and 240°. Figures 7(a) and 
(b) show the sum of the number of sound image segregation occurrences for each stimulus azimuth 
when the listeners turned their heads to the open and blocked-ear sides. 

As shown in Fig. 7, sound image segregation tended to occur with stimulus presented at 0° and 
±30° when the head was turned toward the open-ear side and at ±60° and ±90° when the head was 
turned toward the blocked-ear side. The stimulus azimuths that provided a large number of image 
segregation occurrences differed by 60° or more between the two head-turning directions. 

The sound presented at the front (0°, ±30°) transitioned from the open-ear side to the blocked-ear 
side when the head was rotated to the open-ear by approximately 30° or less. The sound presented at 
the blocked-ear side (60°, 90°) transitioned from the blocked-ear side to the open-ear side when the 
head was rotated to the blocked-ear side. 

These facts suggest that front–back sound segregation occurs when sound is presented at the 
boundary between the open- and blocked-ear sides as a result of head rotation. Under the monaural 
listening condition, the sound image of a sound source in the open- and blocked-ear sides is 
localized in the open-ear side. Therefore, the perceived sound image jumps when a sound source 
location passes across the boundary between the open- and blocked-ear sides according to the head 
rotation, and two sound images are simultaneously perceived when the relative sound source location 
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with respect to the head is on the boundary. This sound segregation cannot be considered as based on 
the cone of confusion, on which ITD and ILD adopt the same value, because binaural cues are 
unavailable under the monaural listening condition. This sound segregation can be considered to be 
based on the application of direct waves to the open ear and diffracted waves along the head to the 
open ear from the sound source. One sound image location is that computed from the sound source’s 
direct wave convolved with the head-related transfer function (HRTF) of its incident angle to the 
open-ear. Another sound image location is that computed from the diffracted waves along the head 
convolved with the HRTFs of their incident angles to the open-ear. 

Additionally, sound image segregation occurs more frequently with a stimulus presented between 
120° and 180° when the head is rotated toward the blocked-ear side, rather than a stimulus presented 
between 60° and 120° when the head is rotated toward the open-ear side. The difference between the 
two head rotation directions appears to depend on whether the open-ear is in the front of or above the 
shoulder. The reflection from the shoulder might affect the perception of the sound image 
segregation. 

The range of the open- or blocked-ear side must be vague because it depends on the sound 
pressure level of the stimulus and the hearing threshold at each frequency. The range and the 
boundaries should vary among listeners because the size and shapes of the head and the pinnae 
depend on the individual. Measurements of the HRTF and the absolute threshold of hearing of each 
listener are necessary to clarify the range of each listener. These remain as future work. 

The head rotation angle at which the sound image segregation occurred was not measured herein 
because drawing the sound image trajectory on a tablet in real time was difficult while listening to 
the stimuli when the head is rotating. However, the measurement of head rotation angle along with 
the sound image trajectory is necessary to verify the relative angles of the head direction and the 
sound source location at which the sound image segregates.  This will also be investigated in future 
work. 

5. CONCLUSIONS 
Herein, we measured the sound image trajectory of a fixed sound source with head rotation while 

listening under the monaural listening condition. The results showed that sound image segregation 
tended to occur when the sound source was located on the boundary between the open- and 
blocked-ear sides according to the head rotation. Two sound image locations calculated from the 
direct and diffracted waves along the head from the sound source can cause spatial sound image 
segregation under the monaural listening condition. 
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ABSTRACT 
Auditory spatial cues help the nervous system segregate features of a soundwave into distinct streams. To 
study this process, we must allot for changes in auditory spatial acuity along the horizontal azimuth, and 
some evidence suggests that this relationship differs for concurrent versus consecutive sounds. Here, we 
developed a paradigm to measure the change in spatial stream segregation along the horizontal azimuth and 
validate the effectiveness of non-individualized head-related transfer functions, the most easily-accessed 
form of auditory spatialization, in this procedure. We tested 18 normal-hearing adults using 
anthropometrically-matched non-individualized head-related transfer functions. We applied a spatial 
stream segregation task where participants identified the rhythm of a target stream presented with a 
spatially-separated masker. Spatial separation varied according to an adaptive staircase procedure, and 
thresholds were calculated both near the midline and in the far left periphery. This work will assist 
neuroscientists and others in the design of stimuli for eliciting brain activity related to spatial stream 
segregation. 
 
Keywords: Spatial stream segregation, auditory spatial acuity 

1. INTRODUCTION 
Typically when we think of auditory spatial information we think of how it helps us understand 

where sounds originate from in our environment – that is, the process of localization. But auditory 
spatial information has a second, often overlooked role in perception. Concurrent sounds from the 
environment mix together and hit our eardrums as a single soundwave, and the auditory system needs 
to dissect this messy signal to make sense of it. Multiple acoustic cues contribute to this scene 
analysis, one of which is spatial information: The further apart two sounds are, the more likely they 
are to be heard as two separate sources, a process known as spatial stream segregation (SSS).  

Research with neuropsychology patients indicates that SSS and localization behaviours may be 
disociable: Some brain-lesioned patients show preserved SSS with impaired localization while others 
show preserved localization with impaired SSS (1). While the neural mechanisms supporting each 
behaviour are not fully understood, the few neuroscience studies that have examined neural 
responses to concurrent spatially-separated sounds confirm that the brain activity patterns elicited by 
these stimuli are not merely combinations of the patterns elicited by single sound locations (2-5). A 
better understanding of the neural mechanisms may have clinical impact by highlighting potential 
factors that can be optimized in hearing aids and cochlear-implants.  

To manipulate SSS for experimental study, neuroscientists can vary the spatial separation 
between concurrent sounds. However, every change in spatial separation has a corresponding change 
in spatial location that may trigger localization processing, and thus raises a potential confound in 
the interpretation of experimental measurements. This confound can be controlled for with 
conditions where the locations of concurrent sounds change but SSS is held constant. To do so 
requires careful monitoring though of the relationship between SSS and horizontal azimuth: Since 
listeners have better spatial acuity for sounds in front of them than sounds in their periphery, greater 
spatial separations are required in the latter to achieve the same behaviour (6-9).  

This difference in acuity across the azimuth can largely be explained by physical differences in 
the soundwave as it reaches each ear (i.e. binaural cues vary at a faster rate around the midline than 
in the periphery). However, there is evidence that our perception of spatial separation between 
concurrent sounds does not merely follow the physics of binaural cues, but has a psychophysical 
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component as well. Evidence for this psychophysical component comes from the finding that there is 
a "sweet-spot" for sensitivity to changes in spatial separation between concurrent sounds: We are 
best at judging changes that occur around six degrees of separation, irrespective of the location along 
the horizontal azimuth (10). Note that this sensitivity cannot be explained by the physics of binaural 
cues. This dissociation between SSS and binaural cues justifies measuring the SSS-azimuth 
relationship directly, rather than inferring it from measures of binaural cues. 

In the current study, we developed a paradigm to characterize the relationship between SSS and 
horizontal azimuth for the purpose of stimulus design in neuroscience experiments. To do so, we 
adopted the spatial rhythmic-masking release task from Middlebrooks and Onsan (2012). This task is 
a direct proxy of SSS. It uses streams of broadband noise bursts, which are ideal for brain imaging 
because they will elicit brain activity that  (1) is independent of ecological associations (unlike, for 
example, semantic information in language), and (2) avoid interactions with frequency. 

Whereas Middlebrooks and Onsan (2012) report on thresholds in highly-practiced participants, 
we evaluated performance in typical inexperienced listeners, whom are more readily available for 
neuroscience experiments. Furthermore, since brain imaging experiments often require sound 
delivery through headphones, we generated virtual auditory space through head-related transfer 
functions rather than free-field. Because facilities and resources for measuring these functions are 
not always available or feasible for neuroscience experiments, we used non-individualized 
head-related transfer functions (NI-HRTF) from a publicly available library with corresponding 
anthrompometry data to match with participants. Finally, we selected different locations than those 
that were previously studied: In order to maximize potential differences in corresponding brain 
activity measurements, we measured SSS at the most peripheral location available in our library of 
NI-HRTFs (80 degrees). It was also important to limit the locations to a single hemifield, in order to 
simplify the interpretation of potential hemispheric interactions in brain activity. Because concurrent 
spatially-separated sounds can push apart the perceived locations of one another (11), we measured 
SSS at a location that was offset from the midline (10 degrees) to mitigate the risk of the perception 
of the target's location being pushed across the midline into the contralateral hemifield.  

2. METHODS 

2.1 Participants 
The study was approved by the Ethical Review Committee for the Faculty of Psychology and 

Neuroscience at Maastricht University. Participants were recruited from the Maastricht University 
undergraduate psychology program. All gave informed written consent and were compensated for 
their time either by course credits or gift vouchers. Eighteen healthy adults with self-reported normal 
hearing participated in the experiment (4 males and 14 females, age in years old: mean = 22.5, range 
= 18 - 33). All participants were right-handed but one female who was ambidextrous.  

2.2 Materials 
 All stimuli were created with Matlab (Mathworks Inc.). NI-HRTFs were taken from CIPIC 
repository (12,13). Stimuli locations that were mid-HRTF measurements were interpolated as needed. 
Training and measurements were completed with Psychopy (14). All stimuli were presented with 
Sensimetric earbuds (model S14) at a comfortable sound level in a sound-attenduated booth. 

2.3 General Procedure 
Over two days that were 1-7 days apart, participants completed two 60-90 minute-long sessions of 

testing. In addition to the experimental task, the first session included NI-HRTF selection (~5 
minutes) and brief task training consisting of instructions, stimulus examples, and a practice run of 
the experimental task (~3 minutes). 

2.4 Selection of Non-individualized Head-Related Transfer Function (NI-HRTF)  
For each participant, we manually measured head width and depth with a carpenter's square and a 

ruler. These two measures were chosen based on their relevance for spatial hearing: head width is 
highly-correlated with interaural timing delays (ITD) (12,15), a feature that may be essential to SSS 
(9), and head-depth is the best predictor of a listener's preferred NI-HRTF (16). ITD predicted from 
these variables share 76% of variance with actual ITD (12).  
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NI-HRTFs from the CIPIC repository (12,13) were ordered based on the Euclidean distance of 
their corresponding anthropometry from the participant's measures of head width and depth. The five 
NI-HRTFs with the closest measures were selected. We then asked participants to subjectively 
evaluate which of these five NI-HRTFs provided the most realistic representation of auditory space, 
using a procedure adapted from Seeber and Fastl (17). In this procedure, participants were instructed 
to listen to five examples of auditory space, in any order and as many times as needed. Each example 
consisted of five 200 ms noisebursts, presented every 400 ms sequentially to the left hemifield at -80, 
-60, -40, -20, and 0 degrees (i.e. at the midline). In each example, these locations were simulated via 
one of the NI-HRTFs. The participants were asked to base their evaluation on the following criteria: 
The sound (1) moved from the left to the midline, (2) moved in equally-spaced steps, (3) moved at a 
constant elevation, (4) and a constant distance, (5) far away from the participant.  

2.5 Measurement of Spatial Stream Segregation (SSS) 
SSS was measured using the spatial rhythmic masking release task (RMR) (9). This measurement 

was conducted under two conditions, termed peripheral and midline, according to where the 
participant was instructed to direct their spatial attention. 

In each trial, a target stream of noise bursts was presented at the attended location in one of two 
temporal patterns, termed rhythms A and B, illustrated in figure 1.The rhythm was randomized 
between trials. The leading stream (the "Target" in the case of Figure 1) was alternated between 
target and masker locations in a random order to ensure that its' onset could not be used as a cue for 
the task. The noise bursts were 20 ms in duration, with 5 ms ramps on and off. Combined, the two 
streams produce a rate of 10 noise-bursts per second. The rhythm was repeated for a maximum of 
6400 ms. The participant was asked to identify the rhythm by button-press and could respond at any 
moment after stream onset, which terminated the trial. Feedback was displayed for 500 ms between 
trials in order to maintain participant motivation.  

Concurrent to the target stream, a masker stream was presented (Figure 1). Because both the 
masker and target streams consisted of unfrozen noise bursts, if the two streams are co-located the 
participant will hear a single stream, and it is impossible to discriminate between rhythms A and B. 
Likewise the task becomes easier as the spatial separation between the streams increases. Thus the 
spatial separation between masker and target was varied according to an adaptive staircase procedure 
in order to determine a threshold level for effective stream segregation. For each correct response, in 
the following trial the spatial separation was decreased by one step, and for each incorrect response, 
it was increased by three steps. The masker was always to the right of the distractor such that both 
streams remained within the same hemifield. Hence in the peripheral condition the target was fixed 
at -80 degrees, and in the midline condition the masker was fixed at -10 degrees (to the left, where 
midline is 0 degrees). Although this introduced a confound of a static versus changing location of the 
target in the peripheral versus midline conditions, participants reported during pilot testing that this 
was easier than switching attention between the left and right streams in the two conditions. 
Futhermore, it allowed the target to maintain the maximum potential benefit from the head-shadow 
effects relative to the masker in both conditions.  

Figure 1 - Examples of target and masker streams for rhythms A and B in rhythmic-masking release task. 
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The one-up one-down staircase with 3:1 ratio in step size provides two advantages: (1) It allows 
the staircase to vary at a faster rate than a typical transformed staircase (e.g. following a 
1-up-3-down rule, (18)), thereby sampling space more efficiently, and (2) it quickly removes 
participants from below threshold levels, which may be presented by chance (19). Although the 
threshold where this staircase procedure converges is not established (20), we were not primarily 
concerned with the threshold detection level, but rather with its replicability across sessions (see 
analysis section below), which is essential for neuroimaging experiments involving measurements on 
different days.  

Additionally, we were concerned that the convergence of the staircase was consistent between the 
midline and peripheral conditions. The step size of a staircase can affect the calculated threshold, 
which presents a challenge in the current paradigm because the resolution of spatial cues is not equal 
between the peripheral and midline conditions. Thus, a step size in the midline condition will 
potentially have more binaural change than the same absolute step size in the periphery, leading to 
differences in thresholds between the two conditions that are merely due to the sampling of testing 
points. Short of measuring binaural cues for each participant across the azimuth, the required 
difference in step size between the periphery and midline can only be estimated. In the original RMR 
task, Middlebrooks and Onsan (2012) used step size of 2.5 and 5 degrees at 0 and 45 degree locations, 
respectively. We used the same values in our paradigm, and evaluated this choice post hoc (see 
analysis section below).  

The staircase terminated after 15 reversals, which took four minutes on average. Participants were 
told to take short rests as needed between runs, and forced to exit the testing booth for a longer break 
after every three runs. Runs of the midline and peripheral conditions were alternated, and 
participants completed 6 runs of each in each session, for a total of 12 runs in each condition. 

3. ANALYSIS AND RESULTS 
We calculated thresholds for each run as the mean spatial separation between target and masker 

across all fifteen reversals. We calculated thresholds for each participant as their median threshold 
across twelve runs for each of the peripheral and midline conditions. Participants' individual 
thresholds, group median and interquartile range are shown in figure 2. In the peripheral condition, 
the median threshold (26.4 degrees) was approximately 1.9 times that of the midline (14.3 degrees), 
but participants varied in this relationship. 

To assess the correspondence of the chosen step sizes in the peripheral and midline conditions, we 

Figure 2 – Spatial separation thresholds between target and masker in the peripheral and midline conditions 

of the rhythmic-masking release task: Individual (circles and diagonal lines), group median (middle 

horizontal lines), and interquartile range (rectangles). 
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used a Wilcoxon signed-rank test to compare participants actual accuracy scores on the staircase 
testing level nearest to their calculated threshold. If the 5 and 2.5 degree step sizes in the peripheral 
and midline conditions respectively are not sufficiently matched, then these accuracy scores will 
differ. Nearest-threshold accuracy scores were similar between peripheral and midline conditions 
(group median degrees: peripheral = 0.81, midline = 0.80) and we found no evidence for a difference 
between them (W = 77, p = 0.64). 

To assess the replicability of the staircase over sessions, we measured the Pearson correlation 
between thresholds from the first and second sessions, shown in Figure 3. Thresholds correlated 
across sessions (periphery: R = 0.82, p = 0.0002; midline: R = 0.76, p = 0.0002), indicating that the 
task was replicable. To test if there were effects of learning, we compared group median scores 
across sessions with a Wilcoxon-signed rank test. Thresholds in the first session were higher than 
those in the second session (group medians in degrees for session 2, 1: periphery = 25.9, 30.4; 
midline = 13.7, 15.5; Wilcoxon-signed rank: peripheral: W = 118, p = 0.049; midline: W = 144, p = 
0.011) indicating that there may be a learning effect.  

4. SUMMARY 
We describe here a reliable paradigm for measuring the relationship between SSS and horizontal 

azimuth to be used for the design of stimuli in the study of the neural correlates of SSS. We present 
data from a typical group of healthy inexperienced participants. The staircase procedure produces a 
threshold for 0.805 accuracy, which is consistent across the tested locations in the midline and the 
periphery. Participants showed improved performance on the task on the second day of testing, 
indicating a learning effect that should be taken into account in future applications of this paradigm. 
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Abstract
We develop a device to guide blind people using binaural sound obtained by HRTF convolutions and reproduced by
headphones. We have obtained good results in terms of user experience, but for guidance precision, the contribution
of HRTFs compared to panning remained to be demonstrated.
In this study, we design different binaural filters and we ask the subjects to orient themselves in the direction of a sound
source. We compare their performances with two HRTFs and two panning filters, both for static and continuously
moving sound sources.
We show that HRTFs filtering allows the user to orient him/herself more precisely towards a sound source compared
to a panning both in the static and the dynamic cases.
Keywords: Binaural, HRTF, blind people navigation, subjective evaluation

1 INTRODUCTION
Blind people use their ability to locate sounds on a daily basis. This is the case, for example, when they try to
follow a person by following the sound of his/her footsteps. We already have used these capabilities to guide
people with spatialized sounds played through headphones[1]. With the device that we have developed, the
sound source is placed virtually in front of the person which allows him/her to be directed along a predefined
path.
Human sound localization performances have been studied since a long time, either by relative localization tests
(which consists in assessing the minimum audible angle between two identical sound sources [2]) or absolute
localization (which aims to assess the subject’s ability to designate the position of a sound source in space
[3, 4]). Comparable studies have also been conducted for the localization of sounds spatialized by binaural
filtering methods [5, 6, 7]. These studies usually focus on the localization of fixed sound sources in space
and the question of the ability to quickly track changes in the position of moving sound sources has been
little studied in the literature. We focus on the specific case of audio guidance which by nature concerns the
azimuthal plane localization. In this application, the user has to follow a moving source, and continuously orient
his/her head in the direction of sound. Therefore we specifically have to evaluate the capability of the subject
to keep the sound in the frontal zone in a dynamic context.
The indices used for sound localization have also been extensively studied. Interaural Time Difference (ITD)
and Interaural Level Difference (ILD) indices are known to play a major role in azimuthal location, while
spectral indices are known to be mainly useful for median location [8, 9, 10, 11, 12]. However, these spectral
indices are useful both for sound externalization and for the stability of sound image perception.
Therefore, we seek to evaluate the useful clues in horizontal localization in the context of moving sound sources.
In order to do this, we propose to compare the azimuthal localization of moving sounds capabilities for different
HRTFs with ITD+ILD panning filters derivated from these HRTF (which can be consider as HRTF without
spectral cues).
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2 FILTERS
2.1 HRTF
The experiments are performed with two HTRFs. We choose the HRTFs from two different projects with very
distinct characteristics :

• An HRTF from the IRCAM Listen project [13]. We selected the subjet 1040 (human subject), well
known in the binaural community for its externalization qualities. The HRTFs of the Listen IRCAM set
are measured with a spatial resolution of 15◦. Since we need a higher resolution, we have performed an
interpolation at 2◦.

• The HRTF of the Fabian project at TU-Berlin[14]. These HRTFs are measured with a head and artificial
torso and have a native spatial resolution of 2◦ , a good phase linearity and good bandwidth qualities. We
do not perform any additional processing on this HRTF.

2.2 Panning filters
We seek to compare the performance of these HRTFs with panning filters made up of ITDs and ILDs extracted
from them, which can be considered as HRTFs from which the spectral component has been removed.
The Interaural Time Difference (ITD), is the difference in arrival time of a sound between the subjet’s ears. It
is well known to be an important cue for the localization of sounds in the azimuthal plane.
Several methods have been proposed to extract the ITDs. We can mention : the cross-correlation inter-aural
[15], threshold detection and the group delay evaluation technique [16, 17].
It should be pointed out that that the notion of ITD is sometimes ambiguous: when the wave follows a multi-
path travel around the head (typically in the contralateral case) several peaks are observed, of comparable energy
levels, and corresponding to different arrival times.

Figure 1. Fabian ITD-ILD at φ=0. Top: L/R levels for various azimuths, Down : L/R time of arrival of peaks
in smoothed RIR

From a practical point of view, threshold detection methods are simple and generally effective. It is either
possible to identify a threshold in the HRIR to distinguish the incoming signal from the initial noise, or to use
the envelope of the signal (smoothing). We use this latter method in this study.
On the other hand, the Interaural Level Difference is the difference of sound level reaching the two ears due
to the shadowing effect of the head. By nature, ILD are strongly frequency dependent. Because we want to
discard the spectral aspect of the HRTF, we try to evaluate ILD using average sound level of the HRIR. To do
this, we can consider the RMS value of the RIR but this approach leads to overestimate the ILD. To overcome
this problem, we have decided to use the peak value of the smoothed RIR (fig. 1).
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Additionally, extracted ITD and ILD can be easily smoothed or interpolated. Finally, using these data, we can
construct a panning filter derived from each HRTF (fig 2). These panning filters typically have a very clean
phase profile.

Figure 2. FABIAN HRTF and Panning RIR and phase

3 EXPERIMENTAL PROTOCOL
3.1 Method
The aim of these experiments is to measure subject’s ability to locate fixed or moving sound sources using
different spatialization filters. More precisely, we want to estimate the capability of the user to point and
orient him/herself to a sound source. Thus, in these experiments, the subjects indicate the orientation of the
sound source by orienting his/her head to the source (nose pointing technique). Hence, in all the experiments
the position of the head is recorded using a head tracker, i.e. a compact and lightweight electronic device
that measures the orientation of the head using gyro-magnetic sensors. This head-tracker is attached to the
headphones. The measures from the head-tracker are used to compute azimuth (and elevation) of the sound
source when the user changes his/her orientation, then the audio renderer take in account the orientation of the
user in real time.
We are using the Bosch BNO-055 sensor which, well calibrated, performs with a typical 1-2◦ precision in the
yaw axis (in the experimental conditions) with a latency shorter than 10ms.
Because the user orients him/herself to the sound using his/her head and body, we are mostly measuring the
ability of the user to point and center the sound which is more relevant than other techniques (finger pointing)
to evaluate the possibility to guide a person since it corresponds to the natural way of following a sound.
In all our experiments, subjects are placed in a rotating chair in a room isolated from outside noise and blind-
folded (fig 3). Finally, they are equipped with a semi-open headset (BeyerDynamic DT990 pro) and the head-
tracker. The user will listen a spatialized sound simulating a sound source on a self-centered circle and located
horizontally at the level of the subject’s ears. The user is asked to orient him/herself towards the sound source
in order to position it in front of him/her.
In all series of experiments, we use white noise burst stimuli (100ms noise and 20ms silence repeated three
times and 100ms silence). Participants are fully informed of the system and the objectives sought and are
briefly trained to use the system.
We use the same positioning sequence (a random walk) for all users and experiments but the sequence is
divided into sub-sequences distributed differently for each group of participants. These sub-sequences will be
reorganized in each experiment and for each group to avoid attributing differences to training. Several transfer
functions (HRTFs) are tested (i.e. the experiment is repeated several times). The order of passage of participants
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Figure 3. Experimental setup, the user is seated on a rotating chair and equipped with a headphone and a
head-tracker

is randomized in order to avoid bias due to learning or tiredness.

3.2 Experiment 1 : stationary source
• The user listens to a spatialized sound simulating a sound source on a self-centered circle located hori-

zontally at the level of his ears. The stimulus is emitted for a period of 10 seconds.

• The subject orients him/herself towards the sound.

• At t=10s, the orientation of the subject (i.e. the position of the head) is measured with the head tracker
and the positioning error is calculated.

• The sequence continues.

The experiment lasts for 3 minutes, which corresponds to about 18 measurements.

3.3 Experiment 2 : continuously mobile source
This experiment is almost identical to the previous one, except that the user must continuously orient him/herself
towards the sound source which is moving all the time. Ten times per second the orientation of the user’s head
and the position of the virtual sound source are recorded and compared.
The experiment lasts for 3 minutes. At the end of the experiment, the cumulative error is calculated and all
measurement data are kept. For all subjects, this experiment is performed after the experience 1.

4 RESULTS
The tests have been performed by 13 subjects and we give here some preliminaries results, most of them should
be statically confirmed with a larger experimental group.

4.1 Static tests
In this test we are comparing azimuthal sound source positioning for HRTF vs panning. The figure 4 gives
the results, subject per subject, for IRCAM and FABIAN test. In both case, the Root Mean Square orientation
Error (RMSE) is better for HRTF. Subject per subject comparison also shows that most participants perform
better with HRTF compare to panning. Compared together FABIAN and IRCAM give very similar precision
results.
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Table 1. Comparison of HRTFs with panning in static case

Filter IRCAM IRCAM Panning Fabian Fabian Panning
OverAll RMSE (degrees) 5.42 8.72 5.32 7.01

Number of subjects who perform
better with this filter 9 4 8 5

Figure 4. Static source pointing HRTF vs Panning for each subject

4.2 Dynamic tests
The dynamic test also shows better localization results for HRTF compared to panning, either for overall
(RMSE) precision and if we compared the results subject per subject (fig 5, table 2).

Table 2. Comparison of HRTFs with panning in dynamic case

Filter IRCAM IRCAM Panning Fabian Fabian Panning
OverAll RMSE (degrees) 9.62 13.56 9.93 11.07

Number of subjects who perform
better with this filter 11 2 9 4

The trajectory of the sound source is generated with a random
walk on a circle around the listener. In order to go further it is
possible to separate periods of slow and fast movements. The
comparisons of RMSE for each subject during slow and fast
source movement can be seen on figure 6. Predictably, the er-
ror increases with the speed of the source. In all cases, HRTFs
perform again better than panning, but it seems that the gap be-
tween HRTF and panning widens when the sound source moves
faster.

Figure 6. Slow/Fast source movement

4.3 Discussion
On every situation HRTF performs better than panning which seems to suggest that spectral cues are also
important for this task.
If we compare together the two HRTFs (as a reminder, one is from a human subject with 15◦ resolution inter-
polated at 2◦, the other one is from a mannequin measured at 2◦ native resolution), the results in localization
precision are very similar.
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Figure 5. Overall dynamic source pointing HRTF vs Panning

If the results with HRTFs are extremely similar, we can observe
some differences with panning. Indeed, panning computed from
the Fabian database seems to perform slightly better than the one
from Ircam. A possible explanation for this result could the over-
estimation of ILD for Fabian with our ILD extraction technique.
The figure 7 shows our estimated ILD (Levelright −Levelle f t ) for
FABIAN and IRCAM that reveals a difference of 4dB. This
overestimation of ITD could lead to a better capability to pre-
cisely center the sound for the user.

Figure 7. Comparison of ILD Fabian/Ir-
cam. Value of extracted levels differences
Levelright −Levelle f t for all azimuth at φ =
0

5 CONCLUSIONS
These tests broadly confirm the efficiency of HRTF compare to panning for orientation of people in the context
of guidance (i.e. in the azimuthal plane and when user mostly keep the sound in the frontal area).
In the case of the azimuthal plane sound localization, HRTFs filtering is well known to allow the front-back
discrimination, but spectral cues also seem important to perform sound source localization and centering which
are very important for audio guidance.
If HRTFs seem more efficient, panning techniques also give reasonable results for guidance with the advantage
of an easy and efficient implementation even on very low performance processors.
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Abstract
A directional band model of median-plane localization has been developed. Perception of sound direction for

a narrow band noise in the median plane depends mainly on the center frequency and bandwidth. In median-
plane localization, a frequency band limited stimulus gives perception associated with a given direction. Earlier
studies were commonly implemented for the median plane and binaural hearing. No directional band model
of monaural hearing, however, has been examined. Moreover, none for another plane has been examined suffi-
ciently. For this research, we make an extension of a directional band model: we examine features in a different
plane (e.g., the horizontal plane) and monaural hearing. For this study, stimuli were applied from loudspeakers
on the upper hemisphere surface. Results of experiments conducted for direction recognition demonstrate that
some frequency bands in monaural hearing correspond to specific directions. Additionally, we clarified features
of the directional band model for binaural hearing aside from the median plane, which suggests the possibility
of a directional band model of 3-D space localization.
Keywords: sound image localization, directional band, monaural hearing

1 INTRODUCTION
Blauert et al. reported the directional band model[1],[2]. Perception of sound direction for a narrow band

noise in the median plane depends mainly on the center frequency and bandwidth. Itoh et al. also established
that there was no distinct difference between directional bands for 1/3 and 1/6 octave band noises[3].

The discussion of the directional band is commonly directed to the median and sagittal planes, and not to the
horizontal plane. This is because the conventional consideration of the directional band is intended for binaural
hearing when interaural time difference (ITD) and interaural level difference (ILD) can be used as cues for
direction recognition[4]. That is, when considering sound image localization for binaural hearing, it can be said
that the peaks and notches of head-related transfer function (HRTF) in the horizontal plane have little influence.

However, in the case of monaural hearing, the used cues for direction recognition are different from those
for binaural hearing. For monaural hearing such as the persons with UHL, ILD and ITD is not available to
recognize the direction of the sound. Additionally it can be thought that the issue of the spectral cue on the
horizontal plane by monaural hearing is similar to that of the median plane by binaural hearing. Therefore,
there is a relationship between influence of the spectral cue on the horizontal plane by monaural hearing and
that of the median plane by binaural hearing.

So far, various research institutes have conducted research on human’s sound direction recognition, and many
findings have been obtained[5]-[10]. At the same time, whereas the research on improving the quality of life
(QoL) of deaf people has also been reported, some have focused on unilateral deafness. However, the knowledge
about the direction recognition by monaural hearing is not sufficient. In this study, we investigate the influence
of a directional band on the horizontal plane by monaural hearing, and extend a Directional Band Model by
experimental analysis of sound direction perception using frequency band-limited stmuli.
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2 FIRST EXPERIMENT
2.1 Method
2.1.1 Subject

Five subjects participated, ranging in age from 21-24 years. One of the subjects is a deaf person with a
left ear (subject E) and the others are persons with normal hearing sensitivity (subject A, B, C, and D). We
established a monaural listening condition by inserting an earplug (pura-fit, Moldex, NRR:33[dB])[11, 12].

2.1.2 Apparatus
The experiment was conducted in an anechoic chamber. Eight loudspeakers were located at every 45 degrees

in the horizontal plane as shown in figure 1. The height of the loudspeaker was 1.1 m. The distance of
the loudspeakers from the center of the subject’s head was fixed at 1.0 m. The stimuli were noise signals
of one third octave bandwidth, and presented from the loudspeakers. In all experiments, 20 different stimulus
conditions were established. Our choice of frequency band is illustrated in figure 2. The sound pressure level
of stimuli was 50 dB. Stimulus were randomly presented three times from each loudspeaker for one second,
followed by an interval of two seconds.

Figure 1. Arrangement of sound sources in the
first experiment.

Figure 2. A diagramatic sketch of the noise stmuli

2.1.3 Procedure
Each subject was individually tested ,and it was instructed to face the front and keep his/her head fixed

while stimuli were presented. The subjects verbally answer the loudspeaker number (from 1 to 8) closest to the
direction where the sound image was localized during the stimulation interval (See figure 1). If the sound image
was not localized, they was instructed to answer number 0. We performed sound image localization experiment
of 20 sessions per one subject.

2.1.4 Broadband signal results
For comparison with narrowband signal results, the results of the broadband signal (white noise, 20 Hz to

20 kHz) are shown in figure 3. The experimental environment and procedure were set in the way as 2.1.2 and
2.1.3. Figure 3a shows the result of binaural hearing, figure 3b shows the result of left ear hearing by inserting
the earplug to the right ear, and figure 3c shows the result of right ear hearing by inserting the earplug to the
left ear. All figures are the results of subject A. The vertical axis shows the angle that subjects answered, and
the horizontal one is the angle of the loudspeaker that presented the stimuli.

Filled red circles indicate responses, and unfilled ones indicate the case that the sound image was not local-
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(a) Binaural hearing (b) Left ear hearing (c) Right ear hearing

Figure 3. Localization test results of broadband signal

ized (subjects answered 0). The size of the circles is proportional to the number of answers. The diagonal line
rising to the right indicates the case where the presentation angle matches the judged angle.

As you can see figure 3a, the sound image localization of the broadband signal is usually correct for binaural
hearing. The figures 3b and 3c show that localization error slightly occurs on the side direction where the
earplug was inserted.

2.2 Results
2.2.1 Narrowband signal results

Figure 4 shows the results under the condition where the center frequency of the narrowband stimulus signal
is 2.4, 6.4 and 11.2 kHz for subject A inserted the earplug into the left ear. Looking at figure 4a to figure 4c
,the localization is biased at 45 deg (right front) at a center frequency of 2.4 kHz, 90 to 135 deg (right side to
right ear) at 6.4 kHz, and 135 deg (right rear) at 11.2 kHz, respectively. Similarly, from figure 5a to figure 5c,
the localization is biased to 0 and 315 deg (left front) at a center frequency of 2.4 kHz, 270 to 315 deg (left
side) at 6.4 kHz, and 225 deg (left rear) at 11.2 kHz.

As depicted in figure 4, the responses for each frequency band are arranged at each different angle. It
suggests that the responses for narrowband stimulus are concentrated in a particular direction, as compared to
the broadband signal results in figure 3.

Therefore, it can be said that the sound image localization of narrow band signal in monaural hearing is
biased in a specific direction for each center frequency regardless of the presentation direction of stimuli.

2.2.2 Test and discussion of results
Binomial test was performed on the results of sound localization experiments of four subjects, and the hor-

izontal directional band was determined. Table 1 shows the result of binomial test. We examine whether the
answer (judged angle) is biased for narrowband stimulus. If the number of answers (direction of a judged an-
gle including ± 45 deg) is more than that of responses of other angles, we paint the biased direction with a
black arc. Here, the decision rule is defined to make the significance level 5 %. In addition, the cells of the
center frequency fc in the table are shaded according to the directional band in the median plane reported by
Blauert[1].

Looking at Table 1, in the case of subject A, the localization direction is biased to the right front when the
center frequency is 0.6 to 2 kHz, and to the right side from 2.4 to 4 kHz, and to the right rear from 8 to 11.2
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(a) f c = 2.4 kHz (b) f c = 6.4 kHz (c) f c = 11.2 kHz

Figure 4. Localization test results of narrowband signal (Right ear hearing)

(a) f c = 2.4 kHz (b) f c = 6.4 kHz (c) f c = 11.2 kHz

Figure 5. Localization test results of narrowband signal (Left ear hearing)

kHz. That is, the localization direction differs for each frequency band mainly on the open (audible) ear side.
Similarly for other subjects, although there were individual differences, the frequency band causes deviation in
direction perception of the narrow band signal. Therefore, it can be said that the directional band exists even in
the state of monaural hearing and the horizontal plane.

3 SECOND EXPERIMENT
The second experiment extended the discussion of the horizontal directional band in monaural hearing, and

we examined whether a deviation in direction recognition would occur even if the stimuli were presented from
the upper hemisphere, not limited to the horizontal plane.
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Table 1. Horizontal Directional Band of Monaural Hearing (Right ear hearing)

3.1 Methods
3.1.1 Subject

Five subjects participated, ranging in age from 21-24 years. One of the subjects is a deaf person with a left
ear (subject E) and the others are persons with normal hearing sensitivity (subject A, B, C, D). We established
a monaural listening condition by inserting an earplug as in the first experiment.

3.1.2 Apparatus
Sixteen loudspeakers were located in the anechoic chamber as shown in figure 6. Other conditions were the

same as in the first experiment.

Figure 6. Arrangement of sound sources in the second experiment.

3.1.3 Procedure
Subjects were instructed to verbally respond to loudspeaker numbers from 1 to 16 during the stimulation

interval (See figure 6). All other experiment procedures were the same as in the first experiment.

3.1.4 Broadband signal results
For comparison with narrowband signal results, the results from the broadband signal (white noise) are shown

in figure 7. The experimental environment and procedure were set in the way as in 3.1.2 and 3.1.3.
Figure 7a is an overhead view of the experimental device (corresponding to figure 6), and shows the position

answered in this experiment. Here, figure 7a shows the integrated number of each judged angle in the figure
7b. The size of the circles is proportional to the number of answers. In figure 7b, the vertical axis represents
the loudspeaker number that subjects answered, and the horizontal one is the angle of the loudspeaker that
presented the stimuli.
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(a) (b)

Figure 7. Localization test results of broadband signal (Right ear hearing)

Filled red circles indicate responses, and unfilled ones indicate the case that the sound image was not local-
ized (subjects answered 0). The size of the circles is proportional to the number of answers. The diagonal line
rising to the right indicates is the position corresponding to the correct localization.

As you can see figure 7b, when the stimuli from the right side of the horizontal plane could be localized
correctly. When the elevation angle in the presentation direction was greater than 0 deg, localization errors were
often observed. However, it can be said that in the case of the broadband signal, the height could be recognized
even in the monaural hearing.

3.2 Results
3.2.1 Narrowband signal results

Figure 8 shows the results when the center frequency of the stimulus is 2.4, 6.4 and 11.2 kHz for subject
A inserted the earplug into the left ear. Looking at figures 8a to 8c, the localization is biased horizontal right
front to back at a center frequency of 2.4 kHz, horizontal right side to rear at 6.4 kHz, and horizontal right
rear at 11.2 kHz. Moreover, looking at figures 9a to 9c, the responses for each frequency band are arranged
at a particular angle. It suggests that the responses for narrowband stimulus are concentrated in a particular
direction, as compared to the broadband signal results in figure 7, which is same as the result of horizontal
presentation in figure 4 and 5. The deviation of the localization is obviously confirmed.

Therefore, it can be said that the sound image localization of narrow band signal in monaural hearing is
biased for each center frequency regardless of the presentation direction of stimuli in 3-D space.

3.2.2 Test and discussion of results
Binomial test was performed on the results of sound localization experiments of subject A with right ear

hearing, and the directional band was determined. Table 1 shows the result of binomial test. Here, the decision
rule is defined in the same way as the Sec. 2.2.2. Looking at Table 1 and 2, it can be understood that there is
no significant difference between two results in the tendency of the biased direction and transition of the angle
judged. Consequently, even if the presentation direction of the stimuli is expanded to the upper hemisphere, it
is considered that it does not affect the directional band in monaural hearing.
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(a) f c = 2.4 kHz (b) f c = 6.4 kHz (c) f c = 11.2 kHz

Figure 8. Second localization test results of narrowband signal (Right ear hearing)

(a) f c = 2.4 kHz (b) f c = 6.4 kHz (c) f c = 11.2 kHz

Figure 9. Second localization test results of narrowband signal (Right ear hearing)

4 CONCLUSIONS
In this study, we investigate the influence of a directional band on the horizontal plane by monaural hearing.

Although the directional band was argued in the median plane and binaural hearing reported in past studies,
we conducted two experiments to extend and discuss a directional band model experimentally analyzing sound
direction perception using frequency band-limited stimuli.

As a result, it’s suggested that (1) there is a horizontal directional band in monaural hearing, and (2) the
same phenomenon can be seen even if the stimulus presentation direction is not limited to the horizontal plane
but expanded to the upper hemisphere.
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Table 2. Directional Band of Monoural Hearing (Right ear hearing)
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ABSTRACT 

 
As many experiments have shown (Namba, Kuwano, & Kato, 1976; Oberfeld, Heeren, Rennies, & 

Verhey, 2012; Oberfeld, Jung, Verhey, & Hots, 2018; Pedersen & Ellermeier, 2008), the beginning of a 

sound is of greater importance for the judgement of loudness than later temporal parts. This pattern 

known as the primacy effect is largely independent of the sound duration (Oberfeld, Hots, & Verhey, 

2018). Furthermore, it occurs both when the sound is presented in quiet and in the presence of 

continuous background noise and is not altered by the average sound pressure level of the temporal 

segments (Fischenich, Hots, Verhey, & Oberfeld, submitted). The primacy effect is well described by 

an exponential decay function with a time-constant of about 200-300 ms (Oberfeld, Hots, et al., 2018; 

Oberfeld, Jung, et al., 2018), where the temporal weight at the beginning of the sound is 4-5 times 

higher than the asymptotic weight, and where the weight assigned to a temporal portion of a sound is 

the integral of this function over the segment duration (Oberfeld, Jung, et al., 2018).  

Another effect altering perceptual weights in loudness judgements is loudness dominance, which 

describes the phenomenon that temporal components of a sound that are systematically louder relative 

to other components within the stimulus receive increased weight and thus tend to dominate the global 

loudness judgement of a sound (Berg, 1990; Lutfi & Jesteadt, 2006; Oberfeld, 2015; Oberfeld, Kuta, & 

Jesteadt, 2013; Oberfeld & Plank, 2011; Ponsot, Susini, Saint Pierre, & Meunier, 2013; Richards, Shen, 

& Chubb, 2013; Turner & Berg, 2007). The aim of the present study was to gain insight into the 

parameters that modulate the size of the loudness dominance effect . How does loudness dominance 

interact with the temporal weighting? Do effects of forward or backward masking on intensity 

resolution (Oberfeld, 2008; Zeng, Turner, & Relkin, 1991) play an important role for the occurrence of 

loudness dominance? And is the effect of relative component level symmetric in the sense that 

amplifying the level of a stimulus component by, e.g., 15 dB relative to the remaining temporal 

stimulus components increases the weight on the amplified segment by a  given factor, while an 

attenuation by 15 dB decreases the weight on the attenuated segment by a comparable factor?  

In two experiments, we measured temporal weights in loudness judgments for level fluctuating 

sounds. All sounds consisted of 100-ms Gaussian wideband-noise-segments (20-20,000 Hz). In 

Experiment 1, the sounds contained of four such segments which were separated by 500-ms silent gaps, 

which should reduce the effect of non-simultaneous masking between adjacent segments (Zeng & 

Turner, 1992). In Experiment 2, the sounds consisted of either four or ten contiguous segments.  Level 

fluctuations were created by assigning each segment a sound pressure level drawn independently and 

at random from a normal distribution on each trial. The task of the listeners was to judge whether the 

sound presented on a given trial was “louder” or “softer” compared to the sounds they had encountered 

on previous trials. To investigate the effect of relative segment level within a sound (loudness 

dominance), in some experimental conditions the mean of the level distribution of certain segments 

was attenuated or amplified relative to the remaining segments. In Experiment 1 (four-segment sounds 

with silent gaps), either segment 1 or segment 3 received an amplification of 5 or 15 or an attenuation 

of 5 or 15 dB SPL. In Experiment 2 (sounds with 4 or 10 contiguous segments), either segment 1 or 

segment 7 in case of the ten-segment sounds or segment 1 or segment 3 in case of the four-segment 

sounds received an amplification or attenuation of 15 dB SPL. The variation of the position of the 
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amplified or attenuated segment was realized in order to investigate whether the effect of relative 

component level varies as a function of the temporal position of the amplified/attenuated component 

within the sound. Such an effect would occur if the temporal weighting (primacy effect) and loudness 

dominance interacted. 

The temporal weights assigned to each segment were estimated using multiple logistic regression, 

separately for each listener and each experimental condition. The sound pressure levels of the 

segments served as the predictors and the response of the participants was the criterion variable.  

For the sounds with segments separated by 500-ms silent gaps in Experiment 1, no primacy effect 

was observed. This can be attributed to a "reset" of the primacy effect during the silent gap (Fischenich, 

Hots, Verhey, & Oberfeld, 2019; Hots, Verhey, & Oberfeld, 2018). As expected, the weights assigned 

to amplified segments were increased and the weights assigned to attenuated segments were decreased, 

compatible with loudness dominance. Thus, the loudness dominance effect does occur even when 

non-simultaneous masking between adjacent components is reduced by 500-ms silent gaps. For the 

sounds with contiguous segments in Experiment 2, a primacy effect as well as effects of relative 

segment level (in the same direction as in Experiment 1) were found. The effects of relative level were 

stronger for the contiguous segments of Experiment 2, compared to those found in Experiment 1. 

Additionally, segments next to the amplified segments received slightly lower weights compared to the 

control condition where all segments had the same average level . A potential explanation of this 

pattern is that backward and forward masking of intensity processing played a role in the conditions 

with contiguous segments (Oberfeld et al., 2013). The effects of relative level on the weights of the 

amplified segment did not differ substantially between an amplification of the first and the third or the 

first and the seventh segment. This indicates that there is no substantial interaction between loudness 

dominance and the primacy effect. However, attenuation of the first segment resulted in a greater 

decrease of the weight assigned to the attenuated segment, compared to an attenuation of the third or 

seventh segment.  

The effects of amplification and attenuation were rather symmetric for the middle segments in both 

experiments in the sense that amplification increased the weight on the amplified segment by a given 

factor and attenuation by the same amount decreased the weight on the attenuated segment by a 

comparable factor. As mentioned above, attenuation of the first segment had a stronger effect on the 

weight than amplification by the same factor. 

Taken together, the data show that the loudness dominance effect cannot be attributed to forward or 

backward masking, that there is no substantial interaction between loudness dominance and the 

temporal weighting, and that in many conditions the effect of relative component level is 

approximately symmetric for amplification and attenuation by the same factor. Additional data are 

needed to confirm these findings and to gain insight into the exceptions from these rules and the  

mechanisms underlying the loudness dominance effect. 
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ABSTRACT 

In bone-conduction, a transducer needs to be clamped strongly against the mastoid process of the temporal 

bone and this has caused severe pain and discomfort to the users. To solve such defects of bone-conduction, 

"cartilage-conduction" has been proposed and applied to several devices such as hearing aids and 

smartphones. In this study, psychophysical measurements and brain magnetic field measurements were 

conducted to objectively evaluate the frequency resolution characteristics of the cartilage-conduction hearing. 

The results indicate that in a certain range of frequencies, the cartilage-conduction hearing has nearly equal 

frequency resolution to that of conventional bone-conduction and air-conduction hearing. 

 

Keywords: Cartilage-conduction, Perception, Frequency resolution 

1. INTRODUCTION 

The sounds that we usually perceive initially enter the auditory canal and finally the cochlea in the 

form of air particle vibrations, and thus this is often referred to as the air-conduction (AC). On the 

other hand, sound that is transmitted using body structure such as skin, muscle, and especially bone is 

called bone-conduction (BC). Generally, BC is presented by attaching a sound transducer to the 

mastoid process of the skull, and in this way, the sound is said to be transmitted as 4 components
1
: (1) 

the osseotympanic component, which involves sound radiated into the ear canal; (2) the inertial 

osteogenic component, which is based on the relative motion between the middle ear ossicles and the 

temporal bone; (3) the compressed osteogenic component, which results from compression and 

expansion of the cochlear shell; and (4) the air-conducted component. BC has been applied to devices 

such as headphones and hearing aids, but problems such as the causes of pain and discomfort and the 

difficulty of securing the transducer, have hindered its widespread application. Therefore, as a solution, 

"cartilage conduction (CC)" has been proposed
2
. In CC, the ear cartilage tissue is used as the main 

transmission medium, together with skin and bones by bringing a transducer into contact with the 

cartilage region of outer ear. Similar to BC, it transmits via 4 pathways and has been applied to hearing 

aids
3
 and smartphones

4
. However, a limited number of studies have been conducted on CC and the 

details of the perception mechanisms remain unclear. In this study, the frequency resolution of CC 

hearing was evaluated. Using both psychological measurement (frequency difference limens: DLF) 

and brain magnetic field (mismatch field: MMF) measurement, the CC hearings were compared with 

AC and conventional BC hearings. In addition, in order to investigate the influence of each sound 

component on CC perception, measurements were also carried out in conditions where the 

air-conducted component was blocked by an earplug. 
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2. PSYCHOLOGICAL MEASUREMENT (DLF MEASUREMENT) 

 Seven normal-hearing subjects participated. Two tone-bursts with slightly different frequency 

across a certain center frequency were presented to the subjects, and the subjects were required to 

choose the stimulus of higher frequency. The stimuli were presented in 4 conditions: (a) AC, (b) BC, 

(c)CC and (d) CC with earplugs (CCP) (Fig.1). In each condition, the DLF were estimated using 2 

forced-alternative-choice of 2 down-1 up method. Across a frequency range from 0.5 to 8.0 kHz, no 

significant differences among presentation conditions were observed (Fig.2). 

 

 

 

Figure 1 – Presentation of stimuli    Figure2 – Estimated DLF for each condition 

3. PSHYIOLOGICAL MEASUREMENT (MMF MEASUREMENT)  

MMF is a kind of auditory evoked brain magnetic field induced by low occurrence stimuli when 

randomly presented with other stimuli of a higher rate of occurrence. MMF has been used as an 

objective index in sound discrimination
5
. In this measurement, 5 normal-hearing subjects participated. 

With the same presentation method as in DLF measurement (Fig.1), Stimulus I & II (100 ms 

tone-burst), were presented in 2 separate sessions in a random order. 

[Stimulus I] high-occurrence stim.(85%): (std) 1.00 kHz; low-occurrence stim.(4% each):  

(dev A) 1.02, (dev B) 1.04, (dev C) 1.08, (dev D) 1.16, (dev E) 1.32 kHz 

[Stimulus II] high-occurrence stim.(85%): (std) 4.00 kHz; low-occurrence stim.(4% each):  

(dev A) 4.08, (dev B) 4.16, (dev C) 4.32, (dev D) 4.64, (dev E) 5.28 kHz 

The MMF responses evoked by low-occurrence stimuli were measured using a 306-ch whole-head 

brain magnetic field measurement system (Vectorview
TM

, Neuromag Ltd.). The activation source of 

each MMF was estimated using the equivalent current dipole (ECD) method, and the ECD moments 

were then compared. It was found that, the greater the difference between dev and std, the greater the 

intensity of ECD moment observed. A slight decrease of ECD moment was observed in Stimulus II; 

however, no statistical differences among conditions were observed. 

4. CONCLUSIONS 

In the both DLF and MMF measurements, no significant differences among CC, AC, and BC were 

observed. At least in the range from 0.5 to 8.0 kHz, it is suggested that the frequency resolution of CC 

is nearly equal to that of the conventional BC and the AC hearing. In addition, no significant change 

was observed with the presence of an earplug in CC, which may have been due to the occlusion effect 

that compensated for the effect of the air-conducted component.  
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ABSTRACT 

       This study explored the desirable sound environment in hospital wards. We surveyed 111 chief nurses in 

hospital wards in Japan regarding the problems concerning sounds in the hospital wards for the staff and 

patients, the attempts taken to improve sound environment, and the desirable sound environment in hospital 

wards. Survey results revealed that the staff was annoyed by voices of the patients talking on a mobile phone 

and the noises such as snoring from the patients, voices of other staff, and noises from the transportation of 

medical equipment. Respondents felt that the patients were also annoyed by voices of other patients, voices of 

the staff, the noises such as snoring from other patients, the noises from a TV or a radio, and alarm sounds. 

With respect to the attempts taken to improve the sound environment, respondents indicated that the staff has 

paid close attention to voices of their own, used background music or radio, and changed the room among 

patients. As a desirable sound environment in hospital wards, it was silent and comfortable. These results 

suggest that staff’s attention to sounds may be useful in improving the sound environment in hospital wards. 

 

Keywords: Noises, Hospital Wards, Sound Environment 

1. INTRODUCTION 

Understanding the problems in the design of hospital wards is essential for improving their sound 

environment
 [1, 2, 3, 4]

. One way in which medical professionals have attempted this is reducing noises in 

hospital wards 
[1, 5, 6, 7]

. One of the more useful approaches for reducing noises in hospital wards is 

using background music, and this approach is effective in masking noises. However patients’ health 

conditions, adequateness of music to scenes (time and space), and preferences of  music among patients 

are assumed to affect effectiveness of background music.  

Also, what kind of sound environment in a hospital ward was appropriate was not clear. Research 

indicated many kinds of noises in hospital ward, sound levels, and attempts for reducing noises so far. 

In this study, we explored not only problems concerning sounds in the hospital wards for the staff  

and patients, and attempts taken to improve sound environment, but what kind of sound environment 

in hospital wards was desirable. 

2. METHOD 

2.1 Respondents 

Respondents were chief nurses in hospitals in Nagano Prefecture in Japan. 

. 

2.2 Questionnaire 

We made a questionnaire consisted the following: the problems concerning sounds in the hospital 

wards for the staff and patients, the attempts taken to improve sound environment, and the desirable 

sound environment in hospital wards. 

2.3 Procedure 

We asked the director in 132 hospitals in Japan for cooperating the survey. After the directors 

consented to the survey, we sent a questionnaire to 200 chief nurses in 43 hospitals, and asked to 
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filling out the questionnaire and to send back it to us. 

3. RESULTS AND DISCUSSION 

111 chief nurses sent back a questionnaire. Many of them were in hospital wards of internal 

medicine, recuperation or psychiatry which were below 60 beds. 

3.1 The problems concerning sounds in the hospital wards for the staff 

Results revealed that the staff was annoyed by voices of the patients talking on a mobile phone and 

the noises such as snoring from the patients (41.44%) firstly. Respondents also answered voices of 

other staff (26.13%) and noises from the transportation of medical equipment, a bed, a wagon, or a 

meal service cart (20.72%). 

3.2 The problems concerning sounds in the hospital wards for the patients 

Respondents supposed that the patients were annoyed by voices of other patients (56.76%) firstly. 

They also answered that voices of the staff (39.64%), the noises such as snoring from other patients 

(19.82%), the noises from a TV or a radio (19.82%), and alarm sounds (18.92%) annoyed the 

patients. 

3.3 The attempts taken to improve sound environment 

Respondents indicated that the staff has paid close attention to voices of their own (39.64%). 

They have used background music or radio (18.92%), and changed the room among patients 

(18.02%). 

3.4 The desirable sound environment in hospital wards 

As a desirable sound environment in hospital wards, respondents answered that it was a silent and 

comfortable (27.93%). 

4. CONCLUSIONS 

Many of the problems concerning sounds in a hospital ward occurred from the location of the 

rooms for patients and the nurses’ station, the decrepit construction of a hospital, and the conditions 

of the patients. Among some of the problems, there were the sounds which the staff needed to hear. 

Therefore, we supposed that it was difficult to improve many of the problems concerning sounds 

in hospital wards by the staff only. However, it was supposed that the staff could improve the 

problems such as voices of the staff by paying close attention to them. Moreover, because there were 

a few hospital wards which were not many of the problems concerning sounds, we need to 

investigate the characteristics of such hospital wards. 
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Abstract
Soundscape assessment methods are currently being standardized and semantic differential is a common method
used, as reported for instance in the Method A of the ISO/TS 12913-2:2018. However, when applying this
method during surveys with non-trained participants, a deviance in scaling adjectives has been observed. This
study aims at analysing the distribution of these deviances and possible systematic errors in the scaling. Data
were collected through surveys in public open spaces in the UK, Italy and China. Statistical analyses were con-
ducted over the pairs “pleasant-annoying”, “vibrant-monotonous”, “calm-chaotic”, and “eventful-uneventful”
with corresponding 5-point Likert scales. The results show a scaling bias effect over adjectives that belong to
the same semantic dimension. In particular, participants who gave a neutral evaluation of the adjective “pleas-
ant”, show a systematically greater disagreement with “annoying” whereas the agreement is significantly lower.
Similar patterns are observed across other pairs of adjectives. A further analysis revealed that only a small
percentage of participants gave an evaluation for each pair of adjectives within a 1-point scale distance.
Keywords: Soundscape, Dimensions, Scaling, Perceptual, Attributes

1 INTRODUCTION
During the past years, soundscape has being in course of standardisation. ISO 12913-1:2014[2] defines the term
soundscape as the "acoustic environment as perceived or experienced and/or understood by a person or people,
in context". This follows the former initial definition given by B. Truax in 1978[3]. The definition bases
the concept of soundscape on a subjective observation of the acoustical properties of a place[4]. In order
to understand the subjective interpretation of the soundscape, it is usually investigated by means of scaling
of affective attributes. In the current framework, a particular challenge is to find a set of multidisciplinary
indicators[4] (physiological, psychological, psychoacoustical, environmental and contextual factors) to measure
soundscapes descriptor based on affective responses[5, 6, 7].
Given a set of scaled attributes for several several observation, dimension reduction methods, such as Principal
Component Analysis, are common strategies used to extract the most important attributes used to describe a
soundscape. This strategy has been used in 2010 by Axelsson et al.[8], when Russell’s circumplex model[9, 10]
has been validated for soundscapes descriptors. The distribution of ratings of adjectives used to describe short
soundscape excerpt fall in the two orthogonal dimension of Russell’s model. Valence is so described by the
pair of attributes "pleasant-unpleasant" while arousal is turned into "eventful-uneventful". Moreover, the two
bisectors of this orthogonal space are identifiable with the two pairs of attributes: "vibrant-monotonous" and
"calm-chaotic".

1.1 "Method A" of ISO/TS 12913-2:2018
"Method A" of ISO/TS 12913-2:2018[11] describes the methodology of data collection for assessing soundscape
based on the rating of 8 attributes. Each of these attribute, also called perceptual attribute (PA), has been
asked to be scaled by casual subjects according to what extend each of them well suits the description of a
soundscape. The 8 perceptual attributes (PAs) have been chosen according to the semantic meaning of the
dimensions of the Principal Component Analysis projection over 116 attributes scaled across 50 soundscape

6673



excerpts by 100 students of psychology[12]. 4 pairs of PAs can be formed by selecting for one attribute its
semantic opposite one. The scaling of both polar attributes in each pair has been first argued by observing
that complex acoustic environments can be perceived simultaneously positive and negative in terms of time-
sequences of occurring events. Thus, the two scaling of positive and negative attributes in each pair can be
distinguished in two separate tasks. According to the current ISO/TS, this scaling is accomplished by means
of a 5-points Likert scale by rating the degree of agreement. In a pilot study, given the rating of a pair of
PAs and by reverting the scale of the negative one, it has been seen that only a low percentage of answers
falls coherently - meaning that there is null distance between the scores of the two scales. The distribution
of these distances across all the subject who completed the survey, shows non-symmetric distribution in many
soundscapes. This observation confirms that two scaling within the same pair, are not recognised as the same
task. When people are asked to rate their agreement whether a soundscape can be described as pleasant or
not, they might focus to listen only the positive sound sources, while when subjects are asked to assess the
agreement with the attribute ’annoying’ they start to listen only on the negative aspect and so on across all
the other pair of perceptual attributes, although the two attributes refer to the same dimension and their scaling
should identically overlap.

1.2 Processing and analysis of the data
However, this framework lacks of a straight way to process the information collected. An easy strategy to
process the information provided by the scaling is to use trigonometric projection[13, 14] onto the ’pleasant-
annoying’ and ’eventful-uneventful’ equivalent axes of Russell’s circumplex model:

Pleasant =
8

∑
i=1

median(PAi)cos(θi), Eventful =
8

∑
i=1

median(PAi)sin(θi) (1)

where median(PAi) is the value of the median over the scaling for the ith perceptual factor vector PAi and θi
is the angle on the circumplex plane yield between the ’pleasant-annoying’ axis and the axis of the ith PA:
θi =

2π

8 NPAi with NPAi an integer number 1 to 8 coressponding to the ith PAs sorted on the circumplex plane.
Academic literature has already been focused over the dependencies between single PA and either psycoacoustic
measurements and context information[15, 16]. However, three main points have not been so far consistently
studied:

• the limited resolution of the space.

• the assumption of identical weights between the scores of PAs within the same pair.

• the assumption of a linear relationship between the subjects’ rating and the coordinates on the circumplex
plane.

The understanding of these three points relays on the study of the inter-dependencies between the scaling across
PAs within the same pair and between PA of different pairs. The overall rating for each of the ith dimension
is the average value between the scaling of its positive and negative attribute, PAi+ and PAi−, in each pair:
βi,+µ(PAi,+)+βi,−µ(PAi,−) with βi,± = 0.5. By considering the distinction between the tasks when considered
negative attributes and the positive attributes, and because of the short scale used for the ratings, it is very
unlikely to get a full ranging of the circumplex diagram whilst having a very small portion of this filled.
By following the hypothesis of the distinction between the tasks upon positive vs negative PAs, it is also
really likely to perceive, for instance, at least one pleasant event which will lead to scale the pleasantness as
’agree’ because of the poor resolution of the scale. A further point to explain the possible discrepancy coming
from equation 1) is that subjects, when asked to scale their agreement to a PA, perform a projection from
a n-dimensional space of criteria and sensations to a 5-point Likert scale mono-dimensional space[17]. The
understanding of which set of rules governs the projection between these two spaces seems challenging. The
answer to this could be found in a closer analysis of the bi-variate distribution of the ratings between attributes
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Figure 1. Calm (PAQ05) vs Chaotic (PAQ02) bivariate distribution of scaling from the surveys collected from
two sites, one in Venice (left) and one in Shenyang (Right).

which belong to the same pair. This analysis shows that the distribution of answers are often far from fitting a
normal distribution showing, in certain cases, also bi-modal behaviours (Figure 1).
These points show some inconsistencies with the above formula, which might tend to be an extreme simpli-
fication of the system. This consideration reflects the possibility that the soundscape representation in people
minds might not lay onto the orthogonal dimension, or at least they might not share the same scaling. What
makes the distributions to be, sometimes, so far from a normal distribution and so different between each other
despite of similar overall means and medians? What are the links between similar distributions of ratings with
the contextual/physical/psyacoustical environment? What extra information can be extracted from the cross dis-
tribution to enrich the current model? The answers to these questions will hopefully be evaluated to extend the
current model given in equation 1) to enrich the outcome set of coordinates that describes the soundscape over
the circumplex model.

2 DATA AND METHODS
2.1 Data collection
This study has been run across China, United Kingdom and Italy. Questionnaires have been collected in the
same location across multiple days in order to get approximately 100 questionnaires for each location. Dynamics
such as changing of weather condition (temperature, wind and brightness) as well as the changing of the context
(working days, holidays, people and traffic density, festival and festival duration), actively affect the soundscape.
Because of that, data collected on the same site have been studied as different soundscape by different collection
date. The soundscapes comprehend two locations in Harbin (China), two areas in a park in Shenyang (China),
two location in Venice (Italy), one of them split in 3 soundscapes, and three locations in London (UK). The
dataset has been so distinguished in 11 soundscapes. In accordance to ’Method A’ in ISO/TS 12913-2:2018,
data have been collected through a scaling task of the 8 PAs, namely: ’Pleasant’, ’Annoying’, ’Eventful’,
’Uneventful’, ’Vibrant’, ’Monotonous’, ’Calm’ and ’Chaotic’. In the Chinese and Italian sites, the PAs have
been translated in the local language by the native speakers within the research team. The attributes have
been sorted according to the ISO and they have been scaled in a 5-point Likert scale ranging from ’Strongly
disagree’ to ’Strongly agree’. Data has been collected from users of the public space. This study received
ethical approval in accordance with UCL Research Ethics policy through the procedure implemented at the
Institute for Environmental Design and Engineering (Departmental approver’s letter on 17th July 2018).

2.2 Methods
Statistics dynamics, distances patterns within PAs pairs and correlation of percentage across scaling regions, are
aspects which bring important information about how subjects interpret the PAs and the scaling task. In order
to investigate these different aspects of the scaling of the perceptual attributes, the following three methods have
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Soundscape Pairwise Distances
Ss 1 Ss 2 Ss 3 Ss 4 Ss 5 Ss 6 Ss 7 Ss 8 Ss 9 Ss 10

Ss 1 - - - - - - - - - -
Ss 2 0.74 - - - - - - - - -
Ss 3 1.20 1.60 - - - - - - - -
Ss 4 2.05 1.67 3.01 - - - - - - -
Ss 5 1.75 1.89 2.64 1.65 - - - - - -
Ss 6 2.21 2.27 3.07 1.67 0.54 - - - - -
Ss 7 1.80 2.00 2.61 1.70 0.40 0.71 - - - -
Ss 8 1.95 2.19 2.66 1.91 0.64 0.72 0.46 - - -
Ss 9 1.97 1.76 2.73 1.04 1.15 1.09 1.22 1.26 - -
Ss 10 1.37 1.25 2.15 1.10 1.08 1.30 1.08 1.23 0.68 -
Ss 11 1.14 1.46 1.41 2.17 1.42 1.78 1.39 1.37 1.56 1.09
(Ss = Soundscape abrev.)

Table 1 (Left) & Figure 2 (Right). Table 1 shows the pairwise eucledian distances between soundscapes across
the PA feature space. In the dark grey boxes the two couples of sounscapes with largest distance between each
other are highlighted, while the two couples of closest soundscapes are highlighted in a light grey. The Figure
2 shows the Single-linkage clustering performed over the values from Table 1. The horizontal line has been
arbitrary placed in the largest zone were no more clusters were added.

been used to analyse the data.

I) Means and variances distribution among the PAs dimensions have been compared between the soundscapes.
The comparison of the variances and means helped first to analyse some general trends upon the scaling.
The dynamics between positive and negative scaling have been treated by observing the distributions of
means and variances for each attribute across all the soundscapes. This helps to understand asymmetric
behaviours between negative and positive PAs (see section 3.1).

II) For each survey a new set of features has been introduced by calculating the difference of rating between
the positive and negative attributes in each pair, by reverting one of them to make them overlapping
consistently. Correlation and p-values have been analysed across these new features. Patterns between
distances across two distinct pairs would reveal some redundancy in the interpretation of the task by the
subjects. Thus, possible differences over the distribution of statistics across multiple soundscapes can be
used to understand the scaling process performed by subject when they decide the score for a PA (see
section 3.2).

III) The Likert scale has been split in three zones: disagreement, neutral and agreement including respectively
the scaling labels ’totally disagree’ and ’to somewhat disagree’, ’neither agree, nor disagree’, ’to somewhat
agree’ and ’totally agree’. To highlight some dependencies between PAs a first study shows the correlation
on the percentage of agreements, disagreement and neutral rating across all the attributes (see section 3.3).

3 RESULTS
Distances between soundscapes have been rendered (Figure 1) by applying hierarchical clustering algorithms,
single-linkage clustering, over an eucledian metric across a features space dictated by the 8 PAs. Table 1 shows
the pairwise euclidean distances across the 11 sites over the 8 dimensions. As reference values we can observe
that a distance of 3.46 units is equal to the distance of two soundscapes spaced by two rating units away along
one dimension, while two soundscapes which lay two units away in both pleasant and eventful dimensions
are 12 units distant to each other. By giving an arbitrary threshold chosen to fall in the largest region where
clusters have not been further distinguished (the dashed horizontal line in Figure 1), it is possible to compose a
first cluster of soundscapes including the soundscapes 5, 6, 7, 8, a second cluster which includes soundscapes
9 and 10, a third clusters with soundscapes 1 and 2 while soundscapes 3, 4 and 11 have taken singularly.
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Means: Ratio of the variances:

Soundscape pl not(ann) eve not(uneve) vib not(mon) cal not(cha)
Soundscape 1 3.63 3.91 3.91 3.43 3.78 4.17 2.59 2.70

Soundscape 2 3.70 4.09 3.74 3.7 3.7 4.48 2.87 3.17
Soundscape 3 3.14 3.38 4.14 4.00 3.55 4.28 2.00 2.34
Soundscape 4 4.03 4.21 3.30 3.06 3.06 3.97 3.91 3.76
Soundscape 5∗ 3.69 3.68 3.00 2.59 3.87 3.25 3.17 3.23
Soundscape 6∗ 3.83 3.65 2.63 2.40 3.65 3.15 3.33 3.35
Soundscape 7∗ 3.59 3.56 3.20 2.57 3.69 3.08 3.29 3.09
Soundscape 8∗ 3.45 3.53 2.93 2.45 3.47 3.06 3.13 2.91
Soundscape 9 3.63 3.70 2.70 3.12 3.13 3.68 3.58 3.47
Soundscape 10 3.65 3.68 3.25 3.28 3.24 3.71 3.27 3.30
Soundscape 11 3.24 3.32 3.28 3.46 3.50 3.60 2.56 2.76
2σ 0.50 0.55 0.96 1.08 0.54 1.01 1.06 0.80
2σ∗ 0.31 0.14 0.48 0.19 0.33 0.18 0.19 0.38
µ(µPA+−µPA−) -0.10 0.18 -0.16 -0.04
µ(µPA+−µPA−)∗ 0.04 0.44 0.54 -0.08

Soundscape (pl/ann) (eve / uneve) (vib/mon) (cal/ cha)
Soundscape 1 1.29 0.29 0.51 1.53
Soundscape 2 1.06 0.74 1.53 0.91
Soundscape 3 0.52 0.71 0.78 0.93
Soundscape 4 1.06 0.72 1.47 1.19
Soundscape 5∗ 1.03 1.64 0.81 0.97
Soundscape 6∗ 0.57 1.85 1.26 1.04
Soundscape 7∗ 0.95 1.50 0.67 1.42
Soundscape 8∗ 0.67 1.66 0.97 1.41
Soundscape 9 1.00 1.19 1.01 0.96
Soundscape 10 0.86 0.95 1.27 0.94
Soundscape 11 0.77 0.94 0.91 1.30
mean 0.89 1.11 1.02 1.15
variance 0.06 0.25 0.11 0.05
mean∗ 0.81 1.66 0.93 1.21
variance∗ 0.05 0.02 0.06 0.06

Table 2. Left: mean values of each PA across the 11 soundscapes. The scaling of the negative PA (annoying,
uneventful, monotonous and chaotic) have been reverted to have a theoretical coherent overlapping with the
positive PA. The fourth and third last rows show the 2σ interval on which the means fall for each PA across
all the soundscapes and for a subset of them. Similarly, the second last and the last row show the mean
differences between the means of positive and negative PA. Right: Ratio of variances between positive and
negative PA are shown across all the soundscapes. Its mean and variances are also displayed in the last 4 rows
for the whole dataset of soundscape and for only a subset of it.

The first soundscape cluster refers to all the soundscapes collected in China, the second cluster includes two
location in London, while the third cluster gathers two survey collection days out of 3 in Venice from the same
location. The single element clusters are the remaining data collection day of one site in Venice, a second site
in Venice and a third site in London. Interestingly, the surveys referring to soundscapes 1 and 2 have been
collected in two different weather conditions in the same site (sunny, comfortable temperature and low wind
versus cloudy, cold temperature and slightly windy). By contrast soundscape 3 from the same location of these
two has a similar weather condition of soundscape 1 but it has been taken on one of the last days of a 10
days-long festival in a touristic area. The largest distance between two soundscapes across the feature space is
the one ranging between soundscape 3 and soundscape 6. The two soundscapes closest in the feature space are
soundscape 5 and 6 recorded in two different days in a park in Shenyang.

3.1 Positive vs negative PA: overall dynamics of their respective means and variance
Table 2 shows the distribution of overall statistics across the soundscapes. All the mean values of the scaling of
the PAs fall in a distribution centred in 3.38 with variance equals to 0.23. This shows a very narrow distribution
of overall soundscape scores across the 11 soundscapes which are approximately centred on the neutral score
of the 5-point Likert scale. Across the whole dataset the means are similarly distributed between positive and
negative PAs except for the pair vibrant-monotonous for which we can see that the mean values of ’monotonous’
fall in a larger range of values compared to the ’vibrant’ means. The mean values of ’cahotic’ are distributed
in a range 25% smaller than the means of ’calm’, while similar figures can be observed between the PAs
in the two remaining pairs. Different statistics distribution can be observed on the analysis over a subset of
soundscapes. By selecting soundscapes 5, 6, 7 and 8, marked with a "∗" in Table 2, it can be observed that
the 2σ interval of the means of positive PAs falls in a range large twice the one for the negative PAs, save for
the pair ’calm-chaotic’ for which goes the opposite consideration. They all fall on the agreement area of the
positive PA direction except for the pair ’eventful-uneventful’ and the ’cahotic’ score in soundscape 8. The fact
that the 2σ interval is always less than 0.5 means that the soundscapes are all very similar to each other having
the means falling on only two neighbouring values of the Likert scale used. Overall variance distribution of
the rating have too small differences by considering to the small size of the dataset analysed to have significant
meaning except for the pair ’eventful-uneventful’ in the subset ’∗’ where ’eventful’ show a wider spread of a
factor ×1.66 in its ratings rather than ’uneventful’. Across all the soundscapes the pair of PA with highest mean
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Correlation of rating distances between paired attributes across all the pairs:

Whole Dataset
pl-ann eve-uneve vib-mon cal-cha

eve-uneve 0.04 - - -
vib-mon 0.09* 0.17*** - -
cal-cha 0.07 0.00 0.18*** -
pleasant -0.20*** 0.10* 0.10* 0.06
annoying -0.10* -0.06 -0.04 0.07
eventful 0.08 0.19*** 0.1* 0.04
unevent. 0.04 -0.27*** -0.01 0.03
vibrant -0.04 0.12* -0.01 -0.03
monot. -0.04 -0.09* -0.21*** -0.03
calm -0.06 0.06 0.02 0.03
chaotic -0.17*** 0.01 0.03 0.05

Italy
pl-ann eve-uneve vib-mon cal-cha

eve-uneve -0.02 - - -
vib-mon 0.13 0.09 - -
cal-cha 0.04 -0.02 0.28** -
pleasant -0.39*** 0.05 -0.11 0.03
annoying -0.01 -0.06 -0.08 -0.07
eventful 0.17* -0.25** -0.03 -0.02
unevent. 0.04 -0.47*** 0.08 0.09
vibrant -0.01 -0.13 -0.57*** -0.20*
monot. 0.04 -0.14 0.20* -0.07
calm -0.22* 0.17 -0.11 -0.02
chaotic -0.19* 0.11 0.05 0.14

China
pl-ann eve-uneve vib-mon cal-cha

eve-uneve 0.07 - - -
vib-mon 0.07 0.20*** - -
cal-cha 0.08 0.01 0.14** -
pleasant -0.11* 0.12* 0.2*** 0.07
annoying -0.16** -0.04 -0.02 0.12*
eventful 0.03 0.40*** 0.14** 0.05
unevent. 0.01 -0.14** -0.10 -0.03
vibrant -0.05 0.21*** 0.24*** 0.04
monot -0.12* -0.03 -0.44*** -0.04
calm 0.04 -0.02 0.11 0.07
chaotic -0.16** -0.05 0.02 0.00

England
pl-ann eve-uneve vib-mon cal-cha

eve-uneve 0.14* - - -
vib-mon 0.00 0.21*** - -
cal-cha 0.19** 0.10 0.08 -
pleasant -0.22*** -0.02 -0.04 -0.02
annoying -0.15* 0.02 0.03 -0.08
eventful 0.08 -0.32*** -0.10 -0.02
unevent. 0.04 -0.05 -0.02 -0.05
vibrant -0.01 -0.16** -0.37*** 0.02
monot -0.06 0.02 0.12 -0.04
calm -0.13* 0.11 0.04 -0.06
chaotic -0.11 0.12* 0.02 -0.12*

Table 3. Correlation values across the distances between the scores of PAs falling in the same pair. The top-
right table and the two on the bottom show the correlation values across subset of soundscape per country. ∗

p<0.05; ∗∗ p<0.01; ∗∗∗ p<0.001.

of variance ratio between positive and negative PAs reaches 1.15 across the pair ’calm-chaotic’ while the lowest
is 0.89 across the pair ’pleasant-unpleasant’.

3.2 Distances distribution of the scaling and patterns
There are no significant (p>0.05) strong correlation across the distances between paired PAs. The highest sig-
nificant correlation falls in the subset of Chinese sites showing a weak correlation, equals to 0.28, between the
scaling distances between the pairs ’vibrant-monotonous’ and ’calm-chaotic’. Looking at the correlation figures
between one PA and the distance value in its corresponding pair, two different trends are observed: a significant
correlation (ranging around 0.3 or larger), and an absent/weak correlation (below 0.25). The highest significant
correlation, 0.21, between the distance within a pair and a PA external to the pair is performed in the subset
of soundscapes from the Chinese sites across the distance of rating between ’eventful-uneventful’ and the PA
’vibrant’.

3.3 Dependencies across percentage of agreement between attributes
By splitting the scaling labels for each attribute in the classes ’agreement’ = ’totally agree’, ’agree’, ’disagree-
ment’ = ’totally disagree’, ’disagree’ and neutral’ = ’neither agree, nor disagree’, the correlation between per-
centage of answers falling in these classes has been studied across adjectives for each soundscape. Table 4
shows strong correlation values across percentages between PAs not belonging to the same pair. In some pair
of PAs there is a strong correlation between percentage of neutral scaling and the agreement or disagreement
between one PA and its opposite. These figures are shown between, for instance, the neutral evaluation of
’pleasant’ and the disagreement of ’annoying’. Furthermore it is possible to observe that there is no symme-
try between agreement and disagreement between negative and positive PAs (for instance, within PA ’pleasant’
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Agreement-Neutral-Disagremment correlation across attributes:

Pleasant Annoying Eventful Uneventful
disagree neutral agree disagree neutral agree disagree neutral agree disagree neutral agree

Pl
ea

s. disagree - - - - - - - - - - - -
neutral 0.48 - - - - - - - - - - -
agree -0.83* -0.89** - - - - - - - - - -

A
nn

. disagree -0.73* -0.88** 0.94*** - - - - - - - - -
neutral 0.2 0.71 -0.56 -0.5 - - - - - - - -
agree 0.65 0.41 -0.6 -0.71* -0.25 - - - - - - -

E
ve

nt
. disagree -0.58 0.01 0.3 0.04 -0.24 0.14 - - - - - -

neutral -0.63 -0.38 0.57 0.35 -0.17 -0.25 0.57 - - - - -
agree 0.68 0.19 -0.48 -0.21 0.24 0.05 -0.9** -0.87** - - - -

U
ne

ve
. disagree 0.67 0.24 -0.5 -0.24 0.16 0.13 -0.83* -0.92** 0.98*** - - -

neutral -0.87** -0.34 0.67 0.53 -0.17 -0.45 0.62 0.81* -0.8* -0.8* - -
agree -0.54 -0.18 0.4 0.11 -0.15 -0.01 0.83* 0.87** -0.96*** -0.98*** 0.66 -

V
ib

r. disagree -0.24 -0.33 0.34 0.37 -0.71* 0.16 0.11 0.09 -0.11 0.01 0.31 -0.12
neutral -0.13 -0.32 0.27 0.19 -0.31 0.04 -0.06 0.6 -0.29 -0.3 0.37 0.25
agree 0.21 0.38 -0.35 -0.33 0.61 -0.12 -0.04 -0.38 0.22 0.16 -0.39 -0.06

M
on

ot
. disagree 0.48 0.06 -0.29 0.02 0.1 -0.1 -0.85** -0.83** 0.95*** 0.96*** -0.63 -0.98***

neutral -0.68 -0.24 0.51 0.23 -0.24 -0.05 0.89** 0.86** -0.99*** -0.98*** 0.75* 0.97***
agree -0.05 0.25 -0.13 -0.42 0.16 0.34 0.61 0.64 -0.71* -0.75* 0.32 0.83*

C
al

m
. disagree 0.86** 0.61 -0.84** -0.7 0.46 0.41 -0.58 -0.83* 0.78* 0.79* -0.94*** -0.66

neutral -0.42 0.48 -0.09 -0.19 0.63 -0.3 0.44 0.46 -0.5 -0.52 0.59 0.45
agree -0.73* -0.83* 0.91** 0.8* -0.73* -0.31 0.43 0.69 -0.62 -0.62 0.75* 0.52

C
ha

ot
ic disagree -0.59 -0.76* 0.79* 0.81* -0.76* -0.29 0.33 0.29 -0.35 -0.32 0.53 0.21

neutral -0.58 -0.01 0.31 0.1 0.31 -0.36 0.36 0.7 -0.59 -0.64 0.67 0.57
agree 0.9** 0.66 -0.9** -0.77* 0.46 0.5 -0.53 -0.72* 0.7 0.7 -0.91** -0.57

Vibrant Monotonous Calm Chaotic
disagree neutral agree disagree neutral agree disagree neutral agree disagree neutral agree

V
ib

r. disagree - - - - - - - - - - - -
neutral 0.49 - - - - - - - - - - -
agree -0.88** -0.84** - - - - - - - - - -

M
on

ot
. disagree 0.12 -0.25 0.06 - - - - - - - - -

neutral 0.04 0.25 -0.16 -0.96*** - - - - - - - -
agree -0.36 0.21 0.11 -0.88** 0.71* - - - - - - -

C
al

m
. disagree -0.43 -0.45 0.51 0.6 -0.75* -0.24 - - - - - -

neutral -0.25 0.03 0.14 -0.49 0.44 0.49 -0.3 - - - - -
agree 0.55 0.46 -0.59 -0.43 0.61 0.06 -0.93*** -0.08 - - - -

C
ha

ot
ic disagree 0.57 0.06 -0.39 -0.11 0.32 -0.26 -0.72* -0.25 0.85** - - -

neutral -0.15 0.41 -0.13 -0.61 0.61 0.5 -0.52 0.69 0.27 -0.18 - -
agree -0.4 -0.33 0.43 0.5 -0.68 -0.11 0.98*** -0.24 -0.92** -0.75* -0.51 -

Table 4. Correlation table among percentage of agreement, disagreement and neutral scaling for each PA across
all the soundscapes. ∗ p<0.05, ∗∗ p<0.01, ∗∗∗ p<0.001.

there is strong correlation between agreement and disagreement, and between agreement and neutral, while there
is any correlation observed between neutral and disagreement).

4 DISCUSSION AND CONCLUSION
This paper introduced some inter-dependencies studies across PAs within the framework of "Method A" of
ISO/TS 12913-2:2018. First, it has been shown that there are some classes of soundscapes which perform
asymmetric distribution across the mean and variances over their PAs. It has also been observed for one of
these classes, the means of the positive adjectives fall in a larger interval compared to the means of the negative
adjectives. For these soundscapes there also stands a significant deviation in scaling for eventful and vibrant
where their means are significantly larger than the means of their related opposite attributes. Secondly, the
correlation table over distances between polar PAs does not show high values while, their correlation with
their corresponding single PAs shows different trends which might be further analysed in next studies. Finally,
correlations across percentage of agreement, neutral and disagreement rating show interesting patterns which
help to investigate the way subjects interpret the positive and negative meaning of each pole of the PA pairs.
To conclude, the findings suggest that bi-variate analysis within PA pairs provides an important tool for the
understanding inter-dependencies and dynamics and they will be included in future works for further validation.
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ABSTRACT 
This paper presents a short study on the interrelationship of weather, landscape position and the metrically 
quantified sound environment in a public park in Gelsenkirchen, Germany, indicating that cloud coverage 
may have a significant influence on NDSI, AEI, and ADI values. The results inform the conclusion that dense 
low-hanging cloud coverage may influence the sound environment by dampening soundwaves and masking 
background anthrophonies, in a type of ‘background noise absorber’ effect, constituting a higher fidelity 
sound environment where avifauna and human noises are suppressed. Although the effect is purely physical, 
it may constitute a psychoacoustic effect in the human perception of soundscapes. The paper presents these 
results and invites further thinking around the idea of the ‘background noise absorber’ effect and the potential 
for quantification of other psychoacoustic effects of weather on soundscape perception. 
 
Keywords: Sound, Weather 

1. INTRODUCTION 
Soundscape Ecology is an emerging field of research that tries to describe the complex relationship 

between an area’s spatial structure, biotic structure and the resulting composition of sounds. One part 
of this composition are geophonic sounds that originate from the geophysical environment. These 
sounds can be temporarily static, like the constant rushing of a river, or dynamic like the sounds 
generated by fluctuating winds or rainstorms. Biological organisms are the source of biophonic sounds, 
for example the birds’ chorus at dawn, but also human voices. However, sounds of human-made 
objects are called anthrophonic sounds. These sounds can be both static and dynamic. The constant 
background noise of a motorway or an air-conditioning unit can be static in an area whereas the sound 
of a rescue helicopter changes based on distance and movement. Hence, the soundscape of an area is 
defined as “the collection of biological, geophysical and anthropogenic sounds that emanate from a 
landscape and which vary over space and time reflecting important ecosystem processe s and human 
activities”(1). (1,2) 

Ecosystem processes as well as human activities are in the long-term determined by the general 
geophysical environment and human systems, which take shape in the natural and built environment 
(2). However, in the short term the sound of an area is determined by dynamic factors like the current 
weather and active human activities. Nevertheless, the sound environment of an area in the short term 
influence a person’s perception of the area at a specific moment. It can be assumed that a public park 
has a much higher recreational potential when the actual sound environment is mainly influenced by 
biophonic sounds than a sound environment influenced by gardeners working with machines (3). The 
evaluation of different sound environments through influencing weather conditions in the same urban 
park is less obvious. It is unclear if, for example, a warmer day results in a more pleasant sound 
environment for humans than a colder day. The knowledge of such influences could be beneficial  for 
the timing of annoying garden care, estimating the daily number of visitors in the morning for 
personnel planning or planning of recreation trips. 

 

                                                        
1 jan.lordieck@tu-dortmund.de 
2 bryce.lawrence@tu-dortmund.de 
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2. Purpose and theoretical background 
This study aims to explore the influence of the weather conditions on the sound environment in an 

urban park. Therefore, a field study with sound and temperature measurements as well as weather 
observations in a public park is conducted. Sound metrics, which are originally designed for sound 
environment quantification from the field of soundscape ecology, are applied in research on the sound 
environment in this study. Sound metric results are statistically analyzed against weather data and bird 
observations to answer the following research question: 

 
What is the influence of weather conditions on the sound environment in a public park?  
 
Weather conditions can influence the sound environment in different ways. Klein et al. states that 

the sound environment is determined by weather first through the influence of temperature, relative 
humidity and atmospheric pressure on sound frequency propagation in the air, and secondly through 
the sounds caused by weather events for example rain and third the influence of  environmental 
conditions on sound produced by animals (4). Regarding to the first assumption, it holds that in general 
high-frequency ranges (which include biophonic sounds) are more strongly muffled during weather 
periods with more dense air (colder; higher humidity), than low frequency geophonic and 
anthrophonic sounds (5). Wind has an influence on the muffling of sound depending on speed and 
direction (5). 

Sounds caused by weather events, for example rain falling on the ground or wind rustling through 
leaves, are low frequency geophonic sounds (2). Thus, on the one hand weather events influence the 
sound environment due to physical propagation of sound in the atmosphere and on the other hand 
weather may influence the behavior of animals and thus the sound environment (6,7,8). The author 
interprets the literature to mean that the physical influence of cold, humid, or rainy weather dampens 
both the propagation of high frequency biophonic sounds in the sound environment and the sound 
producing activity of animals, resulting in a sound environment with a higher proportion of low 
frequency sounds that travel more easily through dense air. Hence, cold and harsh weather conditions 
could lead to a sound environment that is different to conditions resulting from warmer weather in the 
same location and season. 

 

3. Research Design and Methodology  
 
To investigate the influence of weather on the sound environment, a case study method using hand 

measurement devices in an urban park was developed. Due to the short duration of the study, a single 
semester, and the necessity to keep the workload manageable, a single case within one season was 
analyzed. Given the small scale of the study, the author considers the s tudy as an explorative case 
study. 

 

3.1 Sample Design and Field Work 
The Nordsternpark in Gelsenkirchen, Germany, a public park in the western part of the city and 

part of the IBA Emscherpark, was selected as the case study because the study aims to observe impacts 
of weather on recreation areas and because the location is in close proximity to the author’s home 
which makes it easily accessible and keeps the necessary amount of time manageable. To ensure the 
study collected observations during different weather conditions and to eliminate sound environment 
variations that may occur due to land cover, six sound measurements points within Nordsternpark on 
mixed grassland/shrub land cover were identified using a fishnet with a cell size of 200m x 200m in 
ArcGIS. Measurements were taken only on Fridays and Mondays at the same time and in the same 
order from 16 November to 3 December, 2018. In total thirty measurements were taken in the 
Nordsternpark and a two-sided Kruskal-Wallis Test was enabled to be used to determine if the sound 
metrics in the group of recordings were statistically different from each other and if they correlated 
with weather observations. The sample design is displayed in Figure 1. 
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Figure 1: Sample Design 

Sound was recorded for three minutes at each point to balance the amount of time per measurement 
and the quality of the measurements (see Joo et al. as an example using three-minute recordings (9)). 
Recordings were made with the XL2 Audio and Acoustic Analyzer from NTi AUDIO . The temperature 
was measured with an already available customary thermometer,  but humidity and air pressure are left 
out because of a missing suitable measurement device. The weather was nominally ranked within 
three categories of cloudiness, windiness and raininess on a scale from zero to two. Whereas zero 
means sunny, no wind until breeze and no rain; one means some clouds, medium strength wind and 
light rain; two means sky completely covered by clouds, strong breeze and medium strength  to heavy 
rain. The limits of the study are that the results only apply for the eastern part of the Nordsternpark 
and cannot be generalized on the park as whole or on other public parks, and that the results are only 
valid for the winter season. Even with limitations, the explorative case study enables initial insights 
to the topic and may serve as a basis for further research.  

 

3.2 Soundscape Metrics 
After field data collection, sound files were analysed with RStudio and the soundscape ecology 

package (10). Table 1 displays the calculated soundscape metrics and the set parameters. The 
soundscape ecology package metrics were selected because they are widely applied and cover 
different characteristics of a sound environment. The resulting data set is then merged with the 
collected weather data to prepare the dataset for further statistical analysis in RStudio. 

 

3.3 Statistics  
The first step of the statistical analysis is a data description to introduce the variables and identify 
possible errors in the dataset before data analysis. The cleaned dataset is used to investigate the 
relationship between weather and soundscape metrics. The Kolmogorov-Smirnov test was used to 
verify that the sound and weather datasets were at least partially non-normally distributed. Therefore, 
the main inferential statistical methods applied are the Kruskal-Wallis-Test and the calculation of
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Table 1 – Soundscape Metrics 

Soundscape 

Metric 

Description  Value Range  Set parameters  

Acoustic 

Complexity 

Index (ACI) 

Assesses the complexity of the 

sound regarding to dB and Hz by 

computing the average absolute 

amplitude difference between points 

in time next to each other in each 

selected frequency bin. 

 

0 to unlimited  Minimum frequency = 1000Hz 

Maximum frequency = 11500Hz 

Calculation distance = 5s 

Normalized 

Difference 

Soundscape 

Index (NDSI) 

Anthrophonic disturbance of 

soundscape. Computes the ratio of 

anthrophonic to biophonic acoustic 

components. 

-1 to 1 Minimum Anthrophonic Frequency = 1000 Hz 

Maximum Anthrophonic Frequency = 2000 Hz 

Minimum Biophonic Frequency = 2000 Hz 

Maximum Biophonic Frequency = 11500 Hz 

 

Acoustic 

Diversity 

Index (ADI) 

Assesses the diversity of Hz by 

selecting the relative amplitude on a 

determined number of bins between 

two frequency levels and applying 

the Shannon entropy Index. 

 

0 to 1 Maximum frequency = 11500Hz 

dB threshold = -50dB 

Frequency steps = 500 Hz 

Acoustic 

Evenness 

Index (AEI) 

Assesses the evenness of Hz by 

conducting the same steps as the 

ADI but applying the Gini 

coefficient for distribution 

inequality. 

  

0 to 1 Maximum frequency = 11500Hz 

dB threshold = -50dB 

Frequency steps = 500 Hz 

Bioacoustic 

Index (BI) 

Assesses the relative avian 

abundance by computing the mean 

dB spectrum and calculating the area 

under the curve between two 

frequency levels. 

0 to unlimited  Minimum frequency = 2000Hz 

Maximum frequency = 11500Hz 

 

Table adapted from Sueur (11) 
 

spearman’s correlation coefficients, which both do not require normal distributed variables. (12) 
The Kruskal-Wallis test helps to decide if two or more independent population distributions are 
identical without assuming a normal distribution. The null hypothesis is thereby that the respective 
populations are identical which can be rejected if the resulting p-value is below 0.05. In this study the 
Kruskal-Wallis test is conducted for the soundscape metrics, temperature, cloudiness, windiness and 
raininess. Whereas the Kruskal-Wallis test only compares the distributions, a correlation analysis 
enables discovering a direction of the possible interrelationship between two variables. Hence, the 
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Spearman’s correlation coefficients between the soundscape metrics, temperature and observed 
weather conditions are calculated, interpreted and appropriate plots are displayed.  (12) 

4. Results  
The descriptive statistics of the different variables show that the overall aim of the measuring 

process, collecting sound data at different weather condition, is accomplished. Table 2 shows that the 
temperature has a range of roughly eight degrees, moreover measurements at different cloudiness, 
windiness and raininess levels are taken. Thereby the maximum value of raininess is one, thus the 
results are not biased by heavy rain. Furthermore, the soundscape metrics enable different 
interpretations. The ACI shows values in a relatively small range which implies a stable complexity 
of sounds in general. The mean and median NDSI values are below 0, thus the sound environment 
contains biophonic sound which are generally disturbed through anthrophonic sounds that could result 
from the nearby main streets and the motorway. The distribution of ADI and AEI mean values show 
that the sound environment in general is even, with a medium sized proportion of biophonic sounds, 
due to a medium sized mean BI.   

 
Table 2 - Descriptive Statistics 

Group Variable Mean Median Min   Max Standard 

deviation 

Distribution 

W
ea

th
er

 

Temperature 8.673 8.95 4.8 12.7 2.46 bimodal 

Cloudiness / 2 0 2 / / 

Windiness / 1 0 2 / / 

Raininess / 0 0 1 / / 

So
un

ds
ca

pe
 

m
et

ric
s 

ACI 2476 2464 2399 2666 59.67 Normal distributed 

NDSI -0.551 -0.590 -0.731 -0.038 0.16 Normal distributed 

ADI 0.33 0.02 0 1.62 0.55 Right-skewed 

AEI 0.94 0.96 0.82 0.96 0.04 Left-skewed 

BI 10.70 10.62 6.46 14.92 2.07 Normal distributed 

n = 30 

The second step of the analysis is the application of the Kruskal-Wallis-Test to investigate changes 
in the distributions of soundscape metrics under different weather conditions. Table 3 shows the p-
values resulting from the Kruskal-Wallis Test of the soundscape metrics grouped by an indicator for 
the weather conditions. For only two cases, the null hypothesis can be rejected which is the ADI and 
AEI grouped by the cloudiness. Hence, it can be stated, that different cloudiness levels influence the 
diversity or evenness of the sound environment in Nordsternpark.  

 
Table 3 - Kruskal-Wallis-Test 

Soundscape metric 

grouped by 

Temperature Cloudiness Windiness Raininess 

ACI 0.4199 0.4811 0.2087 0.1345 

NDSI 0.6984 0.08975 0.0817 0.5060 

ADI 0.5244 0.0027** 0.5677 0.2122 

AEI 0.5140 0.0025** 0.5043 0.2120 

BAI 0.5223 0.6709 0.3091 0.3184 

Significance is indicated if p-value is below 0.05(*), below 0.01 (**) and below 0.001(***) 
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The results of the correlation analysis shown in Table 4 and Figure 2 give evidence about the 
direction of the relationship between the ADI, AEI and cloudiness. With a significant correlation 
coefficient of r = -0.61 and r = 0.61 respectively, it can be stated that the cloudier the sky is the more 
even or less diverse is the sound environment in the park. Moreover, a less strong but also significant 
correlation between the cloudiness and the NDSI is found (Figure 3). Thus, with an increasing level 
of cloudiness, the NDSI increases towards more biophonic sounds. 

 
 

Table 4: Correlation Coefficients 
 Temperature Cloudiness Windiness Raininess 

ACI 0.15 -0.12 -0.31 0.28 

NDSI 0.15 0.36* 0.00 0.12 

ADI -0.20 -0.61*** -0.19 -0.23 

AEI 0.20 0.61*** 0.21 0.23 

BAI 0.20 0.01 -0.22 -0.19 

Significance is indicated if p-value is below 0.05(*), below 0.01 (**) and below 0.001(***) 
 

Figure 2: ADI and AEI at different cloudiness levels 

Figure 3: NDSI at different cloudiness levels 
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5. Discussion  
The results may be interpreted together. If bird human activity in the park is less intense during 

cloudy weather conditions, the sound environment contains fewer biophonic sounds in the foreground, 
leaving anthrophonic road noise in the background. Hence, the sound composition is less diverse and 
more even. However, the positive correlation of NDSI and cloudiness indicates a less anthrophonic 
disturbed sound environment at higher cloudiness levels. Considering the fewer biophonic sounds at 
higher cloudiness levels, the remaining possibility of an increasing NDSI value is a ‘dampening’ of 
anthrophonic sounds. Thus, the ratio of biophonic and anthrophonic sounds is tilted slightly more 
towards biophonic sounds during cloudy conditions even though anthrophonic sounds still dominated 
the park. A possible explanation is that a dense low-hanging cloud coverage may influence the sound 
environment by dampening anthrophonic soundwaves and thus masking background anthrophonies. 
The greater cloud coverage may produce a type of ‘background noise absorber’ effect constituting a 
higher fidelity soundscape due to its physical characteristics.  

The boxplots shown in Figure 2 and 3 illustrate the findings that the distribution of ADI and AEI 
values change strongly with different cloudiness levels. In sunny weather conditions in November, 
the sound environment in the Nordsternpark is slightly diverse and not fully even, but when the 
cloudiness reaches level one or two, the sound environment is almost totally even. The NDSI is higher 
with higher levels of cloudiness, however, the distribution at cloudiness level  1 is similar to level 2. 
Thus, the taken assumption that an even sound environment with only a few biophonic sounds can be 
less disturbed through stronger dampened anthrophonic sounds holds, when comparing the 
distribution of the soundscape metrics’ values at different cloudiness levels. One possible reason for 
not finding significant results between cloudiness and other metrics is the small sample size of 30 
observations which reduces the potential to find significant correlations or p-values with the Kruskal-
Wallis Test. Nevertheless, the results do not force rejecting the hypothesis of relations between the 
temperature, windiness, raininess and the sound environment; rather they give an outlook for possible 
future studies on the relation of weather and the sound environment. Thus, the general hypothesis that 
harsh weather conditions influence the sound environment in the short run still applies and must not 
be rejected. However further exploration is required to fully understand the results of this study.       

 

6. Conclusion and Outlook  
The study applied the calculation and statistical interpretation of soundscape metrics in 

combination with weather conditions on the actual sound environment in a public park and finds some 
significant results. Hence, the hypothesis of the negative interrelationship between weather conditions 
and the composition of sounds in a public park is not rejected. It is found that an increasing level of 
cloudiness results in a totally even sound environment in the eastern part of the Nordsternpark, 
Gelsenkirchen which either reduces animal activity or masks animal noises and results in a sound 
environment characterized by road noise from the nearby traffic corridors. However, background 
anthrophonies are apparently muffled by a possible `background noise absorber´ effect of dense cloud 
coverage. Although, these results may not be directly applicable on other case studies or able to fully 
substantiate the `noise absorber effect´ of denser cloud coverage due to the limited research design, 
the results give a first insight into the topic and can serve as basis for further research. Hence, to 
further prove the hypothesis a broader study must be conducted. Thereby, the sample size should be 
increased and the indicators for the weather conditions should be reported using more precise 
equipment such as a weather station. Moreover, the humidity and the air pressure as two major 
meteorological indicators should also be measured and analysed. Therefore, automated measuring 
devices are especially suitable. Another aspect worth investigating could be the possible differences 
in influences on the sound environment because elevation influenced temperature change due to 
convection or sun influenced temperature change due to solar irradiance. The understand ing of the 
factors influencing the sound environment in the short run and the soundscape in the long run is 
essential for designing pleasant urban parks. 
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ABSTRACT
Probe into the relationship between spectral centroid and perception of birdsong in urban forests. Spectral
centroid (SC) and Spectral centroid bandwidth (SBW) were considered as potential factors affecting
perceived birdsong. In this study, we made the subjective evaluation of birdsong in three urban forested
area. In the meantime, we collected recordings at each observation site. Finally, through polynomial fitting,
the relationship between the SC, SBW, and the pleasantness of perceived birdsong were found. Results
show that both of SC and SBW are potential factors and the latter is more important. The trends of SC and
SBW with perceived birdsong is opposite.

Keywords: Perceived birdsong, Soundscape, Urban forests

1. INTRODUCTION
Urban forests are important habitats for birds and other animals to live, multiply and commute (1,

2). Birds are well known and special communities in urban areas, distributed widely in urban forests
(2, 3, 4). And the birds tend to produce birdsong for declaring the possession of territory and
attracting mates, which could be more sensitive to the acoustic environment in urban forests (5, 6).
Moreover, birdsong could enhance perceived visual landscape and reduce noise pollution for citizens
(7, 8, 9). The birdsong is the most desired soundscape in biophilic city and benefifits public health
based on its pleasantness (10, 11, 12). Potential factors, such as spectral centroid, impacting on
perception of birdsong are still being explored. Thus, this study aims to examine the potential effect
of spectral centroid on perceived birdsong in urban forests.

2. METHOD

2.1 Study areas
The observation sites of this study are Jericho Beach Park, Stanley Park and Pacific Spirit Park.

These are important forested areas and all located in Vancouver, Canada. Jericho Beach Park (JB)
offers plenty of recreation opportunities located on the south side of English Bay, featuring areas of
lawns and beaches for recreation and dog walking. Stanley Park (SP) is a world renowned urban park
located on a peninsula at the northwestern side of downtown Vancouver, with several beaches and
well-maintained paved and dirt trails. Pacific Spirit Regional Park (PP), located in the University
Endowment Lands area, has an endless number of trails with enormous logs and large woody debris
from decades of logging. Overall, there are a high level of forest cover and a strong attraction for
various bird species in all the parks.

2.2 Procedure
A 5-point ordinal category scale was adopted to reply alternatives (13, 14, 15): For the

pleasantness values, including “ not pleasantness at all (+1) ” , “ slightly pleasantness (+2) ” ,
“moderately pleasantness (+3)” , “very pleasantness (+4)” , and “extremely pleasantness (+5)” . In
addition, while the participates assessed the perceived soundscape, the recordings of environment

1 xch.hung@outlook.com
2 guangyu.wang@uba.ca
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were also recorded on a sound recorder.
The Experiments for gathering perceived soundscape information and recordings were conducted

on sunny days except on holidays between 10:00 and 15:00 in February and March 2019. Previous
studies have shown that more than 7 trained participants are required to achieve sufficient and
accurate results (11, 16, 17, 18). Thus, 13 trained participants were selected at each park in this study,
aged 20-35 years old, with normal hearing to response to the questionnaires.

3. RESULT

3.1 Spectral centroid analysis
Spectral centroid (SC) and Spectral centroid bandwidth (SBW) describes the brightness and

centralized region of the sound through frequency contents (19, 20). The SC and SBW were obtained
from the recordings by Matlab R2018a.

Figure 1 and Figure 2 illustrates the SC and SBW situations in the urban forests. The variance of
SC in JP, SP, and PP ranged from 429.8 Hz to 800.8 Hz, 296.7 Hz to 1172.2 Hz, and 432.9 Hz to
1067.9 Hz, respectively. The fluctuation of SBW in these parks ranged between 3256.4 Hz and
7744.2 Hz, 2163.6 Hz and 7237.5 Hz, 2223.7 Hz to 5931.7 Hz. Although the three parks show
different frequency conditions for the SC, medians for SC are all greater than 500 Hz, indicating that
the observation sites are more affected by high-frequency sound from birdsong. Also, medians for
SBW in these parks are all greater than 3.5k Hz, indicating that there are various birdsongs in
different frequencies.

Figure 1 – Spectral centroid in JP, SP and PP

Figure 2 – Spectral centroid bandwidth in JP, SP and PP
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3.2 The relationship between spectral centroid and pleasantness of perceived birdsong
Through polynomial fitting, the relationship between the SC, SBW, and the pleasantness of

perceived birdsong were plotted in Figure 3 and 4. There were opposite tendencies between SC with
decreasing trend and SBW with increasing trend. But there were some uncertain relations when the
SC and SBW were lower than 689 Hz and higher than 5015.9 Hz, respectively. Furthermore, the
results suggest higher SC may lead to lower human ’ s perception of birdsong owing to increased
annoyance and masking affecting pleasantness of perceived birdsong.

Figure 3 – Polynomial fitting of SC and perceived birdsong

Figure 4 – Polynomial fitting of SBW and perceived birdsong

4. CONCLUSIONS
Birds are dominant creatures that produce abundant sounds in urban forests. Through tests in this

study, we found different frequency conditions for the SC and SBW in JP, SP and PP. Moreover,
based on polynomial fitting between SC, SBW and perceived birdsong, we observed that both of SC
and SBW are potential factors and the latter is more important. The trends of SC and SBW with
perceived birdsong is opposite. Thus, the spectral centroid information may be considered in further
research, which will be beneficial to the perceived birdsong modelling.
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by noise, sound, and preference maps 

Jisu YOO1; Jae Kwan LEE1; Seo Il CHANG1 
1 Environment Engineering, University of Seoul, Republic of Korea 

ABSTRACT 
Namsan Mountain is a 262m-high mountain located in the center of Seoul. It functions as a park rather than a 
mountain and has a 7.5km-long promenade around it with a moderate slope. Some sections of the promenade 
are accompanied by trees and rills, which provide a good sonic environment, but the other sections are 
influenced acoustically by shuttle buses, road-traffic and various noise sources. Noise map for the 
road-traffic was generated to find the spatial distribution of the noise over the mountain including the 
promenade. It shows that the promenade of Namsan Mountain is exposed to the noise levels ranging from 
55dB(A) to 75dB(A). The natural sound which was identified most frequently by visitors was rill sound and 
rill-sound map was generated. Individual responses from 4 acousticians and 6 non-acoustic people were 
collected from on-site questionnaire about sonic environment along the promenade at 37 evaluating spots. 
The results of questionnaire were used to generate preference map. Separate and combined analyses of the 
three maps were performed and the addition of the rill sound was proposed to improve the sonic environment. 
To determine the levels of the rill sound a listening experiment was conducted and the adjusted levels of rill 
sound were incorporated into the noise map. 
 
Keywords: Soundscape, Noise Map, Sound Map, Preference Map, Soundwalk, Psycho-acoustic Experiment 

1. INTRODUCTION 
Namsan Mountain is a 262m high mountain located in the center of Seoul. Its easy accessibility and 

tourist attractions such as a cable car and a tall tower on the top allure native and foreign people. It 
functions as a park rather than a mountain and has a 7.5 km promenade around it with a moderate slope 
where even the old and weak enjoy walking. Some parts of the promenade. Some sections of the 
promenade are surrounded by trees and flowing waters but the other sections are influenced by various 
un-wanted sound sources such as shuttle buses, roundabout road-traffic and several machines to 
provide inadequate soundscape on the promenade Therefore, appropriate measures are needed to 
improve the soundscape that can provide positive effects such as stress relief for Namsan Mountain's 
visitors.  

In this study, noise maps for the sources were generated to find the spatial distribution of the noise 
over the mountain including the promenade and also sound maps were generated using the natural 
sound including mainly water streaming sound were identified by along the promenade. Individual 
responses collected during Soundwalk and these results used to generate the preference map.  
Separate and combined analyses of the three acoustic maps were performed to propose some locations 
to need to improve the soundscape. Through the listening experiment, the levels and types of water 
sound determined to improve the soundscape to make Namsan Mountain' visitors satisfy. 

2. STUDY AREA 
Namsan Mountain is a 262m-high mountain located in the center of Seoul. It functions as a park 

rather than a mountain and has a 7.5km- long promenade around it with a moderate slope. Some 
sections of the promenade are accompanied by trees and rills, which provide a good sonic environment, 
but the other sections are influenced acoustically by shuttle buses, road-traffic and various noise 
sources. Figure 2.1 shows the satellite map of Namsan Mountain and its promenade. 

 

                                                        
1 luvxjisu@gmail.com 
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3. NOISE MAP, SOUND MAP AND PREFERENCE MAP 

3.1 NOISE MAP 
Noise maps were calculated using the noise-mapping software SoundPLAN(ver.7.4), according to 

the RLS-90 road-traffic estimation model(1). Some sections of the promenade are influenced 
acoustically by shuttle buses, road-traffic and various noise sources. In order to calculate the noise 
map, the internal and external noise sources that can affect the promenade on Namsan Mountain’ 
soundscape have examined.  

Sound levels, traffic volumes, vehicle speed and classifications were measured at the roads within 
500 meter from the promenade and other data were provided from the report from Seoul website. 
GIS information about the ground surfaces, buildings and roads were obtained from government 
websites. 
Noise map was calculated with A-weighted equivalent noise level(LAeq) and Figure 3 shows the noise 
map of the Namsan Mountain. As expected, most of the study area results to be exposed to more than 
65 dB with a few spots falling in the 55 – 60 dB range(2). 
 

 
Figure 3.1 - Noise map of Namsan Mountain (2D (left) and 3D (right)) 

 

3.2 SOUND MAP 
Noise map are largely used to assess exposures to un-wanted sounds (i.e. road traffic noise)(3). 

In order to evaluate the overall soundscape of the promenade, sound map using water sounds also 
needed to assess the soundscape. 

Figure 2.1 – The satellite map of Namsan Mountain (OpenStreetMap) and its promenade 
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The rill was selected as water sound source to make a sound map Only the northern part of the 
promenade has the water sound and it has 1.0~1.5m wide and flows along the promenade. Rill is 
classified into two types: Rill with no step and steps. Figure 4 shows the image of the two types of 
the rill on the promenade on Namsan Mountain. The rill sound sources were measured at 1m from 
the center of the source for a minute and it was analyzed using ArtemiS, an acoustic and vibration 
analysis program. 

The sound map was again calculated in SoundPLAN(ver.7.4) and the rill sound sources were 
treated as a surface source with a continuous operating time and 1/3-octave band spectra 
(125~4000Hz, dB(A)) were considered to be representative(7). 
 

 

Figure 3.2 – Two types of the rill with no step(left) and steps(right) on the promenade 
 

3.3 SOUNDWALK AND FIELD SURVEY 
Field surveys were performed in total of 37 spots on the promenade. These spots were chosen by 

dividing the total length of Namsan by 200m intervals. 
The field survey continued for 2 hours, with 10 subjects (one female and nine males) aged 20-30. 

All the participants conducted the soundwalk at the same time and they were led by an experimenter 
who walked the promenade and stopped at 37 evaluating spots. For each spot, participants were 
required to listen to the sonic environment for one minute and to fill in a structured questionnaire. At 
the same time, a non-participant operator carried out the sound-pressure level measurements for one 
minute by means of a calibrated sound level meter.  

 
3.3.1 Questionnaire 

The questionnaire included questions about: demographic information of the participant (age, 
gender, etc.), suitability of the spots for promenade (preference related to the sound environment and 
appropriateness of the sound environment), noticeability of different sound sources’ types and their 
preference(4).  

Two questions were selected for the purpose of this study: [Q1] “Overall, how would you rate 
sound environment of the present spot using given adjectives such as bad/good, noisy/calm, etc.?” 
and [Q2] “Overall, “What types of sound can you perceive here?” 

For Q1 questions, a seven-point scale was used, ranging from “Very unfavorable” (-3) to “Very 
favorable” (+3) and various sound source options such as water sound, birdsong, etc. were provided 
and their preference was evaluated using 5-scale for Q2. 
 

3.4 PREFERENCE MAP 
In order to calculate the preference map, the mean individual assessments of two question 

(Bad/Good and Noisy/Calm) in Q1 were selected. The individual responses collected at 37 
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evaluating spots were averaged over the 10 soundwalk’ participants. Those values were then 
uploaded to a GIS software (ArcGIS pro) and used to generate a prediction surface based on “IDW 
(Inverse Distance weighted)” method(5). Figure 3.3 shows the preference maps for the overall 
assessment of soundscape on the promenade. From the maps’ observation, it emerges that some parts 
on the promenade are characterized by a poor individual assessment, for both “Bad/Good” and 
“Noisy/Calm”. This is likely due to the spots are influenced by high roundabout road-traffic or 
non-existence of the water sound, leading to poor preference that result in contrast with the visual 
scenario (park or mountain). 
 

3.5 COMBINE ANALYSIS OF NOISE MAP, SOUND MAP AND PREFRERNCE MAP 
Separate and combined analyses of the three maps were performed and the results showed not 

only the presence or absence of the water sounds improve the preference of promenade but also 
seven evaluating spots need to improve the soundscape. Thus, the addition of the water sounds in the 
laboratory experiment was proposed to improve the sonic environment. To determine the levels and 
types of the water sound, a listening experiment was conducted and the adjusted levels and type of 
water sound were proposed. 
 

4. LABORATORY EXPERIMENT: ENHANCEMENT OF SOUNDSCAPE USING 
WATER SOUNDS 

In Sec 3.5, seven evaluating spots determined that need to improve the soundscape. Thus, a 
listening experiment was designed to determine which the levels and types of water sounds were able 
to improve the soundscape for each seven spots(6).  

Water sounds selected from a commercial sound effects CD (Sony Pictures Sound Effects Series), 
which included sounds called “Small Stream”,” Medium Stream”, “Small Waterfall”, “Medium 
Waterfall”, “Steady Fountain” and “Rhythmic Fountain” and also two types of rill sound that 
measured from the promenade included. Spectral characteristics of water sounds were not modified, 
but their levels were adjusted for the experiments. During the Soundwalk, the background sound of 
each seven spots recorded was used into auditory experiments. 
 
4.1. Preferred the types of water sound 

In the first part, the preference to types of water sounds was evaluated. The sound levels of water 
sound were adjusted to be equal to the sound levels of the background of each seven spots, and 
adjusted water sounds were combined with each background sound. The duration of the combined 
sounds with adjusted water sound and background sound was 5s, and their LAeq varied from 50 to 
65 dBA. Ten subjects aged 20-30 participated in this experiment, and the stimuli were presented 
through headphones in a hearing laboratory. Subjects rated their preference when the combined 
sounds were presented to them. They were informed about the purpose of the experiments and 
instructed about how to use 7-point scale. They were asked to respond to the following question: 
Which stimuli do you prefer if you were exposed to it on the promenade? The stimuli were presented 
to the subjects simultaneously. A visual image of each seven spots was shown to the subjects before 
the listening tests began. 
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Figure 4.1 – Participants in the listening experiment 
 

4.1.1 Results and discussions 
The results of this auditory experiment are shown in Figure 4.2, where a larger value indicates a 

higher preference. As shown in Figure 8.1, the small stream or medium stream were highly preferred 
with background sounds, which measured at the seven spots. 

 

 

Figure 4.2 – Preferred water sounds at spots where sound environment are recommended to improve 
 

4.2 Preferred the sound levels of water sound 
Even though specific water sounds were determined as preferable sounds in urban spaces, a 

detailed difference in sound level between the water sound and the urban noise was needed to 
improve the soundscape for promenade. Therefore, the preference to sound levels of water sound 
was evaluated in the second part. The SPLs of each water sounds were adjusted. For example, The 
SPLs of water sound varied from 44.4 to 56.4 dBA in a step of 3 dB in the case of the background 
sound of.50.4 dBA. Thus, a total of 280 combined sound sources with water sound and background 
sound was used for the listening test to evaluate. These stimuli were presented randomly through 
headphones and subjects were asked to respond to the following sentence: Please rate the sounds on 
your preference according to the 7-point scale. A visual image of each seven spots was shown to the 
subjects during the listening tests began. 
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4.2.1 Results and discussions 
The scale value of preference is shown in Figure 4.3. As shown in Figure 4.3, the mean scale 

value was the highest when the relative SPL of Small stream and Medium stream was 0 dB compared 
to the background sound. In other words, the results suggest that the water sounds are most effective to 
enhance the promenade soundscape when the water sound is with the same level or 3 dB lower than the 
background sound. It is interesting to note that the preference decreased when the sound level of the water 
sound increased, perhaps due to the increase in the total sound level. 

 

 

Figure 4.3 – Preference rating according to relative presentation level of sounds of waters and background 

sound. 

5. CONCLUSIONS 
Separate and combined analysis of the three acoustic maps were performed to propose some 

measures to improve the soundscape of the promenade through listening experiment. The main 
conclusions are as follows: 

1. The noise map of surrounding road-traffic and crossing shuttle buses shows that the noise 
can affect visitors and ecology and most of the study area results to be exposed to more than 
65 dB with a few spots falling in the 55 – 60 dB range. 

2. The sound map was calculated with the rill sound sources which were treated as a surface 
source with continuous operating time and is shown for the rill sound sources’ spatial 
distribution. 

3. Preference map calculated by individual responses during Soundwalk. The results presented 
the spots are influenced by high roundabout road-traffic or non-existence of the water sound, 
leading to poor preference. 

4. Separate and combined analyses of the three maps were performed and the results proposed 
that seven evaluation spots need to improve the soundscape. 

5. From the results of listening experiment, the water sounds such as “Small Stream” and 
“Medium Stream” sounds were selected as preferred natural sound to improve soundscape. 
The appropriate level of the water sounds should be similar to or not less than 3 dB below 
the level of the background sounds on the promenade of Namsan Mountain. 
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Using 3D city model platform for the analysis of Andorra’s Soundscape

Rosa Ma Alsina-Pagès(1), Marc Vilella(2), Marc Pons(2,3) and Robert Garcia Almazan(1)

(1)Grup de recerca en Tecnologies Mèdia (GTM), La Salle - Universitat Ramon Llull, C/Quatre Camins, 30, 08022 Barcelona

(Spain) , rosamaria.alsina@salle.url.edu
(2)Observatori de la Sostenibilitat d’Andorra (OBSA) , AD600, Sant Julià de Lòria, Andorra, mvilella@obsa.ad
(3)Andorra Innovation Hub, Actua Innovació„ AD700, Escaldes-Engordany, Andorra , marc.pons@actuatech.ad

Abstract
In a SmartCities world, with the citizen in the center of all the decisions, the measurement of environmental
noise cannot be limited to provide an equivalent level captured over a certain time in a place of interest. By
means of WHO reports and other studies, we know that the type of noise (traffic, anthropomorphic, industrial,
etc.) has a different impact on people and that it is important to identify the source of the measured noise levels.
In order to facilitate this work for the competent authorities, in Andorra a 3D City model platform is used to
visualize acoustic measurements carried out at three strategic points in the country. The platform represents the
measured noise differentiating the type of noise, the equivalent acoustic level it is providing and the salience of
the event with respect to background noise by means of the calculation of the Signal-to-Noise Ratio, providing
a wider and more complete amount of information to allow to decide policies to minimize the impact on people.
Keywords: noise monitoring; anomalous noise event; 3D model; recording campaign; urban soundscape

1 INTRODUCTION
Acquisition, processing and interpretation of sensed data is a recurrent task among scientists and analysts. The
whole process usually involves a set of theoretical knowledge, complex math algorithms, system patterns and
data transformation that lead to the final results and conclusions, generally addressed to other professionals on
the same fields of knowledge. There are some other scenarios, however, where the final target of the research
may not have a scientific or technical background, and results are intended to be used as support for policy
making, awareness raising campaigns or community engagement. In this context, results showcase must be
designed to provide more understandable information [8] other than just tables and complex charts, and exper-
iment with alternative visual and dynamic representations, such as animations or time-lapses, moreover if this
visualizations are updated in real-time whenever an interaction triggers any parameter change.

The CityScope Andorra [4] is a framework developed by the MIT City Science group in collaboration with
Andorra stakeholders, such as the Sustainability Observatory of Andorra (OBSA), intended to help non-experts
engage in conversations through visualization of mobility patterns, based in projections on a 1 x 3.15 m 3D
topographical model of the country’s capital. The same concept has already been exploited to project an inter-
active overview of the rooftop photo-voltaic potential in Andorra buildings [7] and generate a discussion on the
viability of public subsidies policies or organize workshops with local schools1. In Figure 1 we can observe the
interactive projection in a 3D surface of the rooftop photovoltaic potential in Andorra buildings.

One of the goals of the Andorra Government and the municipality of Escaldes-Engordany is to create a system
of real-time monitoring and data integration of several sources of information to inform about the urban dynam-
ics such as traffic and pedestrian behavioural patterns, energy consumption and environmental pollution, among
others. The recording campaign and analysis presented in this study permitted us to explore the potential to
integrate and cross noise information of different locations of the city in order to better understand what are the

1https://youtu.be/FdUKJtJd9ts
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Figure 1. Interactive projection in a 3D surface of the rooftop photovoltaic potential in Andorra buildings.

different sources that are impacting the most the citizens and tourists, and what are their spatial and temporal
dynamics. First, the inclusion of this kind of information in the integral “single-view” system of the city can
help us to better understand the most important drivers and their dynamics that led to an increase of the noise
pollution. Second, this data analyzed together with the different sources of information can provide relevant
results to design more suitable policies, measures and urban interventions to reduce noise pollution in the areas
where a higher number of citizens and tourist are exposed to, and help in the objective from both the Gov-
ernment and the municipality to increase the quality of the environment and the welfare of these groups [5, 3]
Further work will be devoted to develop a longer measuring campaign deploying in parallel other devices such
as cameras to apply computer vision to continuously record metrics about the events that occurred during the
measurements periods and spanning a greater period to capture other dynamics such as day-night and inter-daily
variability.

This paper is structured as follows. Section 2 gives details of the acoustic data collection and processing, and
in Section 3 works on the visualization of the measurements conducted. Section 4 states the conclusions and
the future work likes of this paper.

2 REAL-OPERATION ANDORRA ACOUSTIC DATA
In this section we describe the areas of the three measuring locations in Andorra la Vella and Escaldes-
Engordany, together with the reasons that guided the choices, mainly related to the results of preliminary anal-
ysis with automatic level meters deployed in several critical locations in the country.

2.1 Locations
The selected measuring locations correspond to three important nodes in terms of volume, both for pedestrians
or for vehicles. Location (a) (see Figure 2a) is the connection between the 3 main country’s roads in the capital
[5, 3], with the highest traffic congestion experienced at rush hours. In this area the main sources of noise are
mainly expected to be cars. This is expected to have constantly high levels of noise and a lower variability in
terms of contributing sources compared to other areas. Location (b) (see Figure 2b) is the intersection between
CG-3, the road leading traffic from the capital to the north valley, with the main pedestrian and commercial
axis, one of the most frequented points by tourists. In this area the mix of potential sources of noise should be
higher, as should the variability of contributing sources of noise in different days or during the day, increasing
its interest to be mapped. This location is of additional interest due to its recent transformation into the biggest
pedestrian zone in the country. Location (c) (see Figure 2c) is also the intersection of an important road and
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the pedestrian axis, sharing the same interest for the study as (b). Compared to area (b), in this case the axis is
not fully pedestrianised but with an intervention of reducing and slowing the traffic. In this case, the variability
of the sources should also be higher during the day. In this case, the impact of two different types of urban
intervention is expected to produce different noise dynamics in the area. Thus, these 3 locations were chosen
to analyse noise source identification. Furthermore, these will be most probably the places to prioritize future
interventions and mitigation measures.

(a) Ctra. de l’Obac / Carrer de la Unió (b) Av. Carlemany / Carrer de la Unió

(c) Av. Meritxell no73

Figure 2. Images above show the three places where the recordings took place from a satellite perspective from
Google maps (Map data: Google 2019). The red dot in each picture indicates the place where the recordings
were conducted.

2.2 Types of Events
The types of noise of each area have been analyzed to evaluate common events and noise dynamics. In order
to classify them, four categories were decided by the OBSA and Actua. Traffic played an important part in
the decision, so a Vehicles category was required and it was the one with most of the labels. Besides Vehicles,
already expected to be one of the main sources of noise in all three pilot areas, three other classes were
considered in the analysis. People, as any noise made by persons, because two of the three pilot areas are
highly frequented places for tourists, with crossing points for pedestrians (b) or half-pedestrian (c) areas. In this
line, City Life class, as any noise taking place in an urban area but omitting traffic noise, has been also used
due to expected noises coming from urban elements like traffic light emitters or street music. Finally, some
construction works were carried out in places near to the measuring pilot areas, so the Works category was also
considered.

• Vehicles: It is understood as vehicle all noises coming from any mean of transport, not necessarily having
an engine.

• Works: All noises related to construction jobs.
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• City Life: Any noise taking place in an urban area excluding vehicles.

• People: Any noise made by a person.

The authors refer the reader to [2] for the details of the events analysis, and to find the list of all the labelled
items included in each category.

2.3 Analysis of the Real-Operation Audio Collected
In this section, we describe briefly the measurements conducted over the raw acoustic data to be visualized. The
duration, the equivalent level LAeq, the time stamp and the Signal-to-Noise Ratio (SNR) are the four evaluations
needed to proceed with the conversion of the information to images.

• Duration: It is evaluated in fractions of second, and corresponds to the time that the visualization will
spend to show its values.

• LAeq: It is the equivalent continuous sound level in decibels, equivalent to the total sound energy measured
over a stated period of time and is also known as the time-average sound level [1].

• SNR: It is defined as the relation between the power of the noise event being evaluated and the previous
and posterior RTN power of that given event. The following equation explains how it is calculated [6].

Px =
N

∑
t=1

(
x(t)2

N

)
, (1)

where N is the number of samples and x(t) is the event we want to calculate its power. Once this is done,
SNR is computed as stated in its definition.

SNR = 10log10

(
PNE

PRT N

)
, (2)

where PNE matches the noise event power and PRT N stands for the previous and posterior RTN to that event. It
is to take into account that when calculating both powers, it is not strictly necessary for N to be the same size,
since it is a summation that will be divided by N in the end. Furthermore, it can observed that some events
will have a negative SNR. This can happen due to high traffic noise that makes an event irrelevant despite being
clearly audible.

There is a large amount of events with a negative SNR value which can either mean that the surrounding vehicle
noise was louder than the labelled noise or that the event itself was very weak, despite they were labelled as
heard. Whatever the reason, these events are not relevant in the specific moment they took place as they do not
represent an impact on humans.

3 METHODOLOGY AND VISUALIZATION
In this section, we detail the transformation of the collected data into its proposed visualization. The proposed
visualization represents all captured sounds as wavy circles. Each circle is drawn with multiple lines producing
displaced waves and giving a more dynamic feeling. All parameters of a each circle depend on a different
sound attribute, where the color represents the sound’s category, the radius represents the equivalent background
noise level and the ripple amplitude represents the SNR. Two different approaches have been considered (Figure
3); in the first case the wave’s origin is centered in the circle’s radius distance, while in the second case the
ripple is expanded and the minimum crest matches the circle’s radius distance. Despite the first approach looks
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more balanced, second approach produces a less chaotic and clumsy scene when combining multiple circles to
represent different overlapping sounds.

Figure 3. Sound representations with wavy circles

Any SNR bigger than 3 dB would be represented by a wave with an amplitude more than twice the radius of
the circle. Being sound events susceptible to reach more than 20 dB, visualization would get out of 3D surface
bounds and become totally useless in terms of interpretation. To overcome this limitation, the SNR representa-
tion is downscaled to a limited range of amplitudes, to the detriment of the real ratio between noise and sound
levels.

Another limitation comes with negative SNR. A proposed solution, shown in Figure 4, could be to represent
positive SNR as outside ripple and negative SNR as inside ripple, being the ripple’s amplitude bigger as bigger
(negative) is the SNR. While this solution represents all recorded sounds, it may introduce a cognitive bias and
create confusion in order to understand the impact of very low level sounds.

The visualization is developed in Processing2, a visualization playground that uses an extended subset of Java
language and is focused to visual arts and multimedia. Processing allows full control on graphics usage and has
dozens of libraries implemented to work with IO components, computer vision, timing control or multiple file
types. The input data for the simulation is a CSV file with a record for each one of the captured sound events,
ordered chronologically. Every event is defined by 4 fields, which are common with the list section 2.3:

• ANE: Categorization label for every sound event, corresponding to one of the 4 groups. Labels are
2www.processing.org
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Figure 4. Proposal of representation for negative SNR representations.

grouped in a more generic category to avoid an oversaturated representation.

• SNR: Signal-to-Noise relation in dB of the event over the road traffic noise (RTN).

• LAeq: Equivalent noise level.

• TS: Timestamp of the event capture in the format hh:mm:ss,d. Even if the resolution could be higher, a
decisecond was chosen as it was considered enough for representational goals.

Table 1. Sample of the input data

ANE SNR LAeq TS
TRCK -8,359 66,3835322 00:07:45,3
RTN 0 64,8430047 00:07:46,1

BRAK -9,655 65,694417 00:07:46,6
CMPLX -6,529 67,479711 00:07:46,9

The input data is loaded during the visualization initialization stage. While a stream loaded by chunks would
make more sense in a real-time animation, the input data is actually a preprocessed file with grouping and cor-
rections applied beforehand. Loading the whole file at once is an easier approach in terms of data architecture,
that implies few extra benefits such as global statistics and the possibility to control the timeline.
Figure 5 shows the final visualization, a projection of different animated circles located on the 3D surface at
the spot where they were measured, and varying their diameter and ripple’s amplitude depending on the sound
measurements at each instant. No controls are provided at the moment other than stopping and resuming the
animation, but simple timeline control options are on the roadmap in the short term.

4 CONCLUSIONS
In a noise measurement system with source identification, it is crucial to be able to clearly and accurately dis-
tinguish the origin of sounds. But it is equally important how you show your results to the public, since the
measurements you take are often not easily understood by the general public.

Scientists and technicians may be often worried about not displaying the whole set of numbers and correlations,
but to develop a simple visualization is a key aspect when spreading research results to non-specialist public.
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Figure 5. Sound circles on the 3D model.

Proposed visualization does not provide a deep understanding on noise effects to the population or the environ-
ment, but gives a big picture on sound events through colors, shapes and sizes. This information can be shared
easily with kids, politicians and non-technical audience and allow them to compare where, when and what is
happening in their city.

Having this kind of easy-to-understand visualizations on a 3D model of the city, where they can be spatially
and temporally crossed with other sources and layers of information, has a great potential to foster interpreta-
tion and discussion about the impact of noise pollution events and sound landscapes on the city. This approach
could help to collaborativelly understand and raise awareness in differnt types of stakholders as well as help
to explore and discuss potential measures and interventions and support decision-making processes or promote
social and behavioral changes of citizens.

Future work of this project focus on the implementation of the automatic class detection system, which is
already working in other environments with two classes. The second of the future lines is the proposal for
real-time operation with a network of sensors deployed in Andorra and Escaldes Engordany.
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ABSTRACT 

National parks require conservation of the sound environment in order to secure the environment and habitat 

quality. However, many national parks in Korea are exposed to various noise sources such as roads, airplanes, 

and cities. Therefore, it is necessary to improve the sound environment in order to preserve the habitat and the 

environment of national parks. The purpose of this study is to establish management plan through analysis of 

noise and sound environment for Taebaeksan National park. The noise map modeling result of Taebaeksan 

National Park showed 91.5% of the total area less than 40dB (A). As a result of aircraft noise analysis, daily 

average aircraft noise frequency was 54 times and 16 times per hour. Airplane noises occurred on Monday 

and Friday by day of the week. As a result of soundscape mapping, the frequency of the biophony such as 

various birds and insects was high in the valley. High altitudes were less frequent in wild animals. For the 

noise management of Taebaeksan National Park, it was considered necessary to manage aircraft noise and 

road noise. 

 

 

Keywords: road-traffic noise, aircraft noise, biophony, geophony, anthrophony 

1. INTRODUCTION 

Nature sound in quiet environment is one of the most important reasons for the existence of national 

parks(Haas and Wakefield, 1998). In order to maximize the experience of visitors in national parks, 

conservation of sound environment is necessary(Newman & Dawson, 1998). Noise increases the risk of 

accidents by interfering with the communication between the rangers and visitors in dangerous activities in 

national parks(Lynch et al., 2011).  

Most of the national parks in Korea are geographically adjacent to the city. and the density of infrastructure 

such as highway, railway, and airport is so high that the national parks are exposed to road-traffic noise, 

railway noise, and aircraft noise. There are many large facilities such as military bases or broadcast towers in 

the ecologically sensitive highlands inside the national parks. 

The purpose of this study is quantifying the anthropogenic noise in the national park in Korea through the 

noise mapping and find out the noise impact on ecosystem. And Developing soundscape mapping and noise 

analysis methods in the national park trails to investigate the impact on visitors and wildlife. This study can 

be used as basic data for sound environmental management in national park. 
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2 gf@bbb.co.jp 
3 gf@ccc.go.jp [Please note: It is optional to provide the email address(es) of the author(s). Please make sure 

that your co-authors concur with the mention of their email address in this paper.] 
4 gf@bbb.co.jp 
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2. Methods 

The study area is Taebaeksan National Park (70.1㎢) of Korea. The study period is from May to December 

2018. Noise mapping program is SoundPLAN(ver. 7.4.). Road-traffic estimation model (road-traffic noise, 

parking lot) is RLS90. Attenuation of sound during propagation outdoors is ISO 9613-2(1996). Grid size for 

calculation is 50m × 50m. Spatial background is district of Taebacksan national park. Temporal background 

is day-time (06:00 ~ 22:00). A-weighted equivalent noise level is LAeq [dB(A)]. Input variable is field 

measurement value. The number of field measurement points is 20 roads, 11 parking lots, 1 commercial 

district, 1 park village and 2 wind farms. 
Aircraft Noise mapping program is INM. Aircraft noise was measured in June 2018. The flight path of 

the aircraft was visually identified from the field. Aircraft noise field measurement points were three flight 

paths. The INM model application environment is temperature 70.9F, humidity 50.4%, wind speed 1.9kt, 

air pressure 29.73 in-Hg, no precipitation (mm), weather clear. F16GE and A10A models were applied to 

aircraft noise modeling. The average number of flight training events was 60 times a day. 

The sound environment survey method is Soundwalk. Sound recording equipment is Idampro digital 

recorder. Noise measurement equipment is Sound Level Meter GM156. GPS device is rambler. Spatial 

background is Taebacksan national park trails. The number of trail sounding is 111 points. The survey 

parameters were dB (A), sound intensity, preference, and satisfaction. Trail sound grade classification was 

used for factor analysis and cluster analysis. 

Soundscape analysis used sound files recorded in the national park(111 points). The types of sound 

landscape analysis were biophony, geophony, and anthrophony. Biophony is divided into birds, mammals, 

and insects, geophony is wind and rain, anthrophony is people, cars, music, airplanes, and machine sounds. 

The soundscape analysis program is Adobe Audition CC (version 6.0), Microsoft Excel 2010, and IBM 

SPSS (version 23). 

3. Results 

3.1 Noise mapping 

The noise map modeling result of Taebaeksan National Park shows that 91.5% of the total noise is less 

than 40dB (A), 5.4% is 40 ~ 50dB (A), and 3.0% is more than 50dB (A). In Taebaeksan National Park, less 

than 50dB (A) accounted for 96.9% of the total. If there is no aircraft noise, it means a very quiet 

environment. The Taebaeksan National Park was spreading to the inside of the park by the penetrating 

roads in the north and south. Especially, the noise around tunnel entrance was high. 

As a result of analyzing the aircraft noise, daily average aircraft noise frequency was 54 times and 16 

times per hour. Aircraft noise was particularly common on Mondays and Fridays. As a result of the analysis 

of the aircraft noise map, the area over 50WEPCNL was 52.4% based on the whole park. The aircraft noise 

intensity at the top of Taebaeksan peak, which is the most visited, is 70 ~ 75WECPNL. Aircraft noise is 

expected to have a negative impact on visitors and creatures over the long term. 
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Table 1. Area and ratio of road-traffic noise level in Taebacksan nationalpark 

dB(A) area(㎡) ratio(%) 

less 35 58,866,668 83.8 

91.5 

35-40 5,436,378 7.7 

40-45 2,301,273 3.3 

5.4 

45-50 1,520,945 2.2 

50-55 1,254,046 1.8 

3.0 

55-60 667,945 1.0 

60-65 144,469 0.2 

65-70 49,615 0.1 

70-75 20,078 0.0 

over 75 4,876 0.0 

Sum 70,266,294 100.0 

a. Road-traffic noise map b. aircraft noise map
(c) OpenStreetMap contributors

Figure 1. Noise map of Taebacksan nationalpark 
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3.2 Trail sound environment 

As a result of the sound grade classification, the average sound grade (30.7%) was the most widely 

distributed. The geophony dominant grade and noise impact grade were 21.6%. The biophony dominant 

grade was 14.4% and the noise severity grade was 11.7%. 

As for the spatial distribution of the sound grade, the Daedeok Mountain Valley in the northern part of 

Taebaeksan National Park and the Baekcheon Valley in the southern part have good sound environment. On 

the other hand, the bad sound environment was near the road and air force training area. 

3.3 Soundscape 

As a result of soundcape analysis, Insect sound (60.8%) was the most widely distributed, followed by 

birds (36.7%) and other animals (2.5%). There was a lot of insect sound around the valley part of the 

southeast side of Taebaeksan. And The northern forests of Taebaeksan mountain had a lot of wild bird 

sounds. Geophony was dominated by wind sound(67.8%), followed by water sound(24.7%). The ridge of 

the Taebaeksan National Park was dominated by wind sound and the valley was dominated by water sound. 

Among the anthrophony, airplane sound (40.8%) was the most widely distributed. The people sound was 

28.6%, road traffic sound was 20.4%. 

 

 

a. Trail sound grade 

 

b. Soundscape map of Biophony 

6711



 

 

 

c. Soundscape map of geophony 

 

d. Soundscape map of anthrophony 

Figure 2. Trail sound grade map and soundscape map of Taebacksan nationalpark 

 

4. CONCLUSIONS 

We introduced the noise and soundscape mapping method of the mountainous national park in Korea. 

The results show that Taebaeksan nationalpark is affected by road and aircraft noise. Such noise is expected 

to lower the quality of the natural experience and adversely affect wildlife habitat. Therefore, we need to 

recognize the need for management of noise in national parks. The results of this study will be used as 

basic data for noise management in national park.  
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ABSTRACT 
Urban parks provide residents with space for relaxation, fitness and recreation, while the surrounding traffic 
noise has a negative impact on their environmental quality. This study conducted a survey of surrounding 
road conditions in 49 urban parks in the typical high-density city of Shenyang, China. Two parks were 
selected for traffic condition measurement and noise simulation with Cadna/A; Spatial analysis was also 
conducted with ArcGIS. 
The results showed that: 49 urban parks were all directly adjacent to urban roads and were mostly 
adjacent to roads on multiple sides. Adjacent roads were mostly high-level roads; Based on the traffic 
survey of 7 roads of 2 parks, traffic flow was significantly positively correlated with the road level; 
Based on noise simulation, the LAeq of the traffic sound on the adjacent roads of the two parks ranged from 
59.0-70.9dB(A), and had a certain pattern in time and in whether it was a working day; Based on spatial 
analysis on the significance of traffic sound perception, the proportion of the 2 parks’ interior area where 
traffic sound perception was relatively clear were 36.0% and 51.1% respectively. Going further into the 
interior, the saliency showed attenuation of different gradients. The attenuation gradients were affected by 
factors such as spatial characters, landscape features andsound composition. 
Keywords: urban park; traffic noise; high-density city; 

1. INTRODUCTION 
With the continuous improvement of China's economic development and urbanisation level, the demand 

of urban residents for leisure space is also increasing. As the main public space for citizens' leisure 
activities, urban parks are the main environment for people to restore their attention and to release stress, 
and it is also the main place for leisure, fitness and recreation(1).High-density cities are the product of high 
development. While people enjoy the benefits of high urbanisation, at the same time, negative factors such 
as tight land use, lack of privacy, life rhythm and pressure are also plagued by high-density cities(2). Taking 
Shenyang, a typical high-density city, as an example: “the urban parks in Shenyang are insufficient in area, 
the spatial distribution is uneven, and the contradiction between supply and demand is large... The existing 
urban parks are 1379.06hm2, of which the per capita park area is 3.50m2, only 19.47% of the study area can 
easily reach a city park on foot”(3). In this city where land is precious, the city park seems to be a gift, 
people are moving in a space like forced to squeeze, but also enduring the influence of some negative 
factors, and the negative effects of traffic sounds in urban natural landscapes on environmental recovery 
benefits have been demonstrated(4,5).In 2014, the International Organization for Standardization (ISO) 
defined Soundscape as the acoustic environment(6) perceived by individuals or groups in a given scene, 
and soundscape survey studies have shown that traffic sounds in the interior of the parks is clearly 
perceived and forms an acoustic landscape with other acoustic events(7). 

As an important influencing factor of the acoustic environment of urban parks, background sound has a 
significant impact on the internal environment of the park. The interference of background noise of urban 
parks along the street roads is particularly obvious. According to statistics, traffic noise accounts for about 
70% of various noise sources (including traffic noise, industrial noise, building construction noise, and 
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social life noise) that affect China's urban environment, indicating that traffic noise has become the main 
noise of current Chinese cities. Source and adverse effects on the human cardiovascular system, nervous 
system, reproductive system, digestive system and endocrine system(8). 

This paper conducted a survey of surrounding road conditions in 49 urban parks in the typical 
high-density city of Shenyang, China, and selected two parks for a traffic survey. The Cadna/A noise 
simulation software was used to simulate traffic noise, and SPSS was used to analyse the data. At the same 
time, the subjective evaluation of traffic sound perception in the two parks was carried out. ArcGIS 
interpolation analysis was used for visualising the data and the classification and summarisation of the 
influencing factors of subjective evaluation maps to explore the impact of traffic noise in urban parks. 

2. Materials and methods  

2.1 Map analysis 
Through the method of network map analysis, the traffic conditions of the 49 urban parks in the main 

urban area of Shenyang were surveyed, including the number of parks, the number of adjacent roads, and 
the nature of the adjacent roads. The relevant data were statistically compiled to explore whether traffic 
noise could be a potential possibility that can influence the acoustic environment experience of urban parks. 

2.2 Traffic measurement and simulation 
Through screening of 49 urban parks, Lu Xun Park and Bayi Park were selected as research samples. Lu 

Xun Park covers an area of 43,000 m2 and is a small urban park. Bayi Park covers an area of about 70,000 
m2 and is a medium-sized urban Park(9). 

The seven streets adjacent to Bayi Park and Lu Xun Park were simultaneously measured at ten time 
points on weekdays and rest days. The measurement team used the camera to shoot the volume and speed 
of traffic at each time. The shooting time of each street was 10 minutes per time, and the traffic flow was 
counted. The relationship between the two parks and the roads is shown in Figures 1 and 2. 

 
The Cadna/A Noise Simulation System is a Software of noise simulation that is based on the ISO9613 

standard method. As the noise prediction software(10) recommended by China's State Environmental 
Protection Administration Environmental Assessment Center, it has been widely used in the evaluation of 
industrial facilities, roads and railways, airports and other noise equipment, and has been widely recognised 
by many scholars. Based on the traffic noise analysis function of Cadna/A, this paper simulated the road 
traffic flow around Bayi Park and Lu Xun Park, calculated the traffic noise simulation map of seven roads 
adjacent to the two parks, and explored the impact external traffic noise had on the two parks. 

2.3 Traffic sound significance evaluation 
According to the grid of 15m×15m and 20m×20m, Lu Xun Park and Bayi Park were divided into 139 

and 174 grids. Each park was allocated 8 groups of students (trained Shenyang JianZhu University 
students). On a working day, the crowds had fewer activities and the traffic was more crowded. Between 
11:30-12:15 students used mobile phones to collect audio and video for each grid. The duration was the 60s, 
and the traffic flow was counted and sound pressure level measurement was performed on the adjacent 
roads of the two parks in the same time period. Four university students with good health and audition 
ability were selected to evaluate the traffic sound perception of the audio and video collected in the grid 
points. The evaluation index used the 5-level Richter scale (very weak, relatively weak, intermediate, 
obvious, very obvious) to quantify the saliency. The average score was taken. Traffic noise simulations 

Figure 1 – Bayi Park Division and Road Relations Figure 2 – Lu Xun Park District and Road Relations 
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were carried out on the traffic conditions of the two parks during the measurement period and compared 
with the measured values. 

2.4 Spatial significance analysis 
At present, noise maps have been widely used in urban planning design and noise control(11). Spatial 

data visualisation and spatial analysis based on visualization technology are the keys to technologies of 
Geographic Information System (GIS)(12). Geographic information system refers to the technical system 
that collects, stores, manages, calculates, analyzes, displays and describes the geographical distribution data 
of all or part of the Earth's surface space under the support of computer hardware and software systems. 

According to the data of the subjective evaluation table of the traffic noise perception in the two parks, 
the two park’s space coordinate elements are assigned to the corresponding attributes by means of the GIS 
platform, which is converted into raster data by the Kriging interpolation method and superimposed with 
the geographic data, draw a map of the traffic noise perception saliency evaluation of the two parks to 
explore the distribution of traffic noise on the two parks. 

3. Results 

3.1 Park and road adjacent conditions in the main urban area 
According to the boundary shape of the 49 parks in the main urban area of Shenyang, the two main axes 

were simplified, and the adjacent roads in each direction of each park were counted and the adjacent road 
levels were counted. The results are shown in Table 1. 

Table 1 – Status of roads around the park in 49 
  Highest adjacent road level 
  highway Main road Secondary road Branch road total 

Number of 
sides adjacent 

to roads 

4  4.1% 6.1% 4.1% 2.0% 16.3% 
3 6.1% 6.1% 12.3% 0% 24.5% 
2  2.0% 18.4% 16.4% 6.1% 42.9% 
1 4.1% 4.1% 6.1% 2.0% 16.3% 

total 16.3% 34.7% 38.9% 10.1% 100% 
 
The results showed that all the 49 parks in the main urban area of Shenyang were directly adjacent to an 

urban road on one side, indicating the potential for traffic noise in the parks in the main urban area of 
Shenyang. Urban parks with directly adjacent roads on two or more sides accounted for 83.7% of all parks, 
and the parks with the highest adjacent road level higher than secondary roads accounted for 89.9%, of 
which 4.1% of the urban parks are adjacent to roads on all four sides and with highest-level adjacent road 
being a highway. Parks adjacent to road on only one side and only to branch road accounted for only 2.0%. 
From this point of view, the urban parks in the main urban area of Shenyang were affected by the severe 
traffic noise. This is related to the dense urban population and restricted land use. 

3.2 Measurement and simulation of traffic conditions during daytime 
3.2.1 Traffic conditions measured

The traffic flow of seven adjacent roads in the two parks was measured. The statistics of the adjacent 
roads of the two parks are shown in Table 2. The traffic flow statistics of the seven adjacent roads are 
shown in Figures 3 and 4. 

Table 2 – The adjacent roads of the two parks 

Side 
Lu Xun Park  Bayi Park 

Adjacent 
road Road level Number of lanes  Adjacent road Road level Number 

of lanes 

East Yunji Street Branch 
road 

One-way two 
lanes 

 North Sanjing Street Secondary 
road 

Two-way 
four-lane 

West Residential 
area —— ——  North Heping Street Main road Two-way 

ten lane 

South West binhe 
Road 

Secondary 
road 

Two-way 
four-lane 

 Sanwei Road Branch 
road 

Two-way 
two-lane 

North Shiwu Wei 
Road 

Branch 
road 

Two-way 
two-lane 

 Erwei Road Branch 
road 

Two-way 
two-lane 
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As can be seen from the figure, overall, the traffic volume of Bayi Park was higher than that of Lu Xun 
Park in one day. The two roads with the most traffic flow are the Peace North Street and the North Third 
Street near Bayi Park. The most frequent moments appeared at Peace North Street between 17:00 and 18:00, 
reaching 2,402 vehicles/hour. From the variation in one day it can be seen that, the traffic volume of each 
road in the working day was higher at the morning time and the evening time. This is because the morning 
and evening hours are at the peak of the commute. In contrast, on the rest day, this situation is more 
moderate than the working day. 

From the level of the adjacent roads of the two parks, the traffic on the North Avenue, which is a main 
road, is significantly higher than that of other roads on both weekday and rest day. The secondary roads of 
the North Third Street and the West Binhe Road were relatively more peaceful than North Street. The 
traffic volume was small. The traffic on the branch roads, the Erwei road, the Sanwei Road and the 
Shiwuwei road was less and the variation was small throughout the day. 

Correlation between road grade and traffic flow in seven urban roads adjacent to the two parks: Pearson 
correlation coefficient test was performed by SPSS24, giving p=0<0.01, r=0.794, which proved that road 
level and traffic flow were significantly positively correlated at 0.01 level, that is, the higher the road level, 
the greater the traffic volume. 
3.2.2 Traffic sound simulation results 

The traffic flow, vehicle type and road speed limit of the seven urban roads adjacent to Lu Xun Park and 
Bayi Park were put into Cadna/A noise simulation’s software according to working days and rest days, and 
the German RLS-90 standard was selected for simulation to obtain The sound pressure level results of 
traffic noise at different time periods for the seven roads on the working day and rest day, as shown in 
Figures 5 and 6. 

The noise simulation showed that the traffic sound LAeq of the adjacent roads of the two parks was 
distributed at 59.0-70.9dB(A), and the maximum value of 70.9dB(A) appeared in the Xibinhe Road 
adjacent to Lu Xun Park at 12:30, the minimum value of 59.0dB (A) appeared at 19:30 time of the working 

Figure 3 – Lu Xun Park traffic flow statistics 

Figure 4 – Bayi Park Traffic Statistics 
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day on the Shiwuwei Road adjacent to Lu Xun Park. This showed that the two parks were affected by 
traffic noise from the adjacent urban roads to different extent. 

Overall, the traffic simulation results were close to the traffic flow statistics, indicating that the traffic 
flow was the main cause of traffic noise, but there was no significant difference between the sound pressure 
levels of the main roads and the secondary roads in the adjacent roads of the two parks. This could be 
because that the width of the main road and the North Street were wide, which played a positive role in the 
attenuation of traffic noise. Different vehicle type composition and the road speed limit also affect the 
traffic noise simulation results. 

It can be seen from Figure 5 that the sound pressure level of adjacent road traffic in Lu Xun Park 
fluctuated greatly during the day, and the overall sound pressure level was higher in the morning and 
evening peak periods, and the sound pressure level was lower in the rest of the day. The traffic sound 
during the peak period had a great impact on Lu Xun Park, and the during rest of the time period had a 
lower impact. 

From Figure 6 it can be seen that the sound pressure level of the traffic on the adjacent roads of Bayi 
Park was relatively flat during the day, and the sound pressure level was higher but not obviously during 
the morning and evening peak hours, indicating that the Bayi Park was affected by the traffic sound in one 
day consistently. 

Considering traffic volume and traffic sound comprehensively, it is not difficult to find that for roads 
such as North Heping Street, North Sanjing Street , West binhe Road, the traffic volume was high, which 
lead to the higher sound pressure level of the simulated traffic. Sanwei Road, Yunji Street, and Shiwu Wei 
Road had lower traffic flow, which resulted in a lower sound pressure levels of simulated traffic. The higher 
the road level, the higher the number of lanes, the greater the traffic flow. The traffic sound pressure level 
was also higher. 

The simulated values of the seven road traffic noises showed a clear difference between the working 
days and the rest days. Overall, the sound pressure levels of traffic noises on the seven roads were higher 
than the rest days on the working day. This was most obviously seen at 6:30-8:30. In addition, variance test 
obtained by the single-factor analysis of SPSS revealed that P=0.715,F=5.363, significance P=0.026<0.05. 
This means that at the time of 6:30-8:30 traffic noise sound pressure level had significant difference in 
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working days and rest days on the seven roads. The reason for that is that this time segment is in the 
morning rush hour on weekdays, and its traffic volume is larger than that during the rest of the day. From 
the perspective of the park being affected, this time period is the morning exercise time. There are more 
crowd activities in the park, which is highly disturbed by traffic noise during the working day. Analysis of 
other time periods, in the same way, did not reveal significant differences. 
3.2.3 Traffic noise measurement and simulation comparison 

The traffic noise of the adjacent seven roads measured at the typical time of the two parks was put into 
Cadna/A for traffic noise simulation, and the traffic sound pressure level was obtained. The simulation and 
measured data of seven road traffic noises are shown in Table 3. 

It can be seen from the table that the simulated values of road traffic noise in seven cities were higher 
than the measured values, but the overall sound pressure level error was between 1.1dB(A) and 4.7dB(A), 
which was within the acceptable range. High levels represented road traffic noise levels. The simulated 
traffic noise sound pressure level LAeq was 65.2dB(A)-73.7dB(A) for the seven roads during the working 
day at 11:30-12:30, which had various level of impact on the two parks during this time period. By 
comparing and analysing the traffic conditions and traffic data of Lu Xun Park and Bayi Park, it can be 
seen that: 

Table 3 – Seven road traffic noise simulation and actual measurement 

 
North 

Heping 
Street 

North 
Sanjing 
Street 

Erwei 
road 

Sanwei 
Road 

West  
Binhe 
Road 

Shiwu 
Wei 

Road 

Yunji 
Street 

Traffic flow, vehicles/hour 2154 2478 678 390 780 234 138 
Heavy truck ratio, % 3.6 2.7 6 0.9 10.8 0.9 10.9 
Road speed limit (small and medium car 
/large car, km/h) 60/55 50/45 35/30 30/30 50/45 30/25 40/30 

Analog sound pressure level, dB(A) 72.4 73.7 67.7 65.2 69.9 65.8 65.9 
Measured sound pressure level, dB(A) 70.1 69.8 65.5 64.1 65.2 63.8 64.7 
 

As a small urban park, Lu Xun Park had a secondary road and two sub-districts. The park was adjacent 
to the road with a large length but the speed limit of the road was low. Bayi Park was a medium-sized city 
park with two adjacent main roads and two secondary roads, and the speed limits were higher. According to 
the sound pressure level of Cadna/A software, it can be found that the traffic sound pressure level generated 
by the streets around Bayi Park was significantly higher than that of Lu Xun Park. 

3.3 Traffic noise perception significance evaluation analysis results 
The Kendall Harmony Coefficient Test is a correlation measure for calculating the degree of correlation 

between multiple rank variables, and it can objectively reflect the reliability relationship among different 
scorers. The Kendall Harmony Coefficient Test was carried out for the four groups of traffic noise 
perception significant scores of the two parks. The number of video samples in the two parks was 313, and 
the Kendall Harmony Coefficient Wa=0.802, X2=1000.892, X2=0.000<0.01, so the four groups of scores 
are significant at the 0.01 level, that is, they have extremely significant consistency. It is therefore possible 
to conduct traffic noise significance map analysis. 

3.3.1 Traffic noise significance map analysis 
The average number of subjective evaluations of traffic noise in the four groups of Bayi Park and Lu 

Xun Park was averaged, and the geographic coordinates and other data were put into ArcGIS. The spatial 
distribution of the traffic noise saliency of the two parks using Kriging interpolation. It is shown in figure 7 
and 8 

Figure 7–Evaluation of traffic noise saliency in Bayi 
Park 

Figure 8–Evaluation of traffic noise saliency in Lu 
Xun Park 

6718



 

 

It can be seen from the figures that the two parks were affected by different degrees of traffic noise. The 
overall impact on Bayi Park was higher than that on Lu Xun Park, and the distribution patterns of the two 
parks were significantly different. 

According to lunchtime traffic noise significance map of the two parks, it can be found that the 
influence of traffic sound as background sound on the two parks was different. Among them, area in Lu 
Xun Park that was affected by traffic sounds to a level of 2 (relatively weak) accounted for 36.0% of the 
total park area; Bayi Park was significantly affected by traffic sounds with level of 2 or above accounting 
for 51.1% of the total area. 

The distribution of traffic sounds in Lu Xun Park was mainly concentrated in the south part of the 
Xibinhe Road area, the eastern Yunji Street and the northern part of the Shiwu Wei road, and it is rapidly 
decaying to the inside. There are areas in the park where most of the traffic sounds were less affected. The 
traffic sound distribution inside Bayi Park was concentrated on the other three roads and borders except for 
Sanwei Road in the south, especially in the North Heping Street and North Sanjing Street, and the degree of 
internal traffic attenuation was slower than that of Lu Xun Park. There were only a few areas within the 
park that were weakly affected by traffic sounds. 

3.3.2 Effect of spatial features on the attenuation of traffic noise 
Combining the spatial layout of the two parks themselves with the setting of the landscape environment 

and the impact of traffic sounds, it can be found that: 
Park’s shape influence: Lu Xun Park had irregular polygons, only three sides were directly adjacent to 

surrounding roads, and there are fewer parks and roads nearby; Bayi Park is rectangular, and all four sides 
are directly adjacent to the surrounding roads and the park interior and roads There are more neighboring 
areas and are more susceptible to traffic sounds. 

The role of landscape features: Lu Xun Park has a 2.2 metre high wall surrounding it and multiple 
natural features such as forests that can hinder the transmission of noise inside the park. The area where 
such natural landscape exists in Lu Xun Park was obviously affected by the traffic sound. less. In addition, 
there was a water system inside Lu Xun Park, and there were less paved grounds, more exposed natural 
ground, which had a certain absorption effect on the sound, while the trees inside Bayi Park were sparse 
and failed to form a forest. The garden was mostly hard stone bricks. With paved ground, sound was more 
likely reflected, which is not conducive to the attenuation of traffic noise. 

Impact of the spatial morphology: There was a small mountain inside of Lu Xun Park. The terrain with 
a high difference had a certain role in promoting the attenuation of external traffic. The interior of Bayi 
Park was relatively flat, and the landscape in the park was mostly sculpture and various types of metal 
weaponry, which lacked the ability to absorb noise. 

 
3.3.3 Shielding effects of dominant sound on other acoustic events 
Partial correlation analysis of traffic sound, natural sound and human voice in the subjective perception 

evaluation of the two parks was carried out and the results are shown in Tables 4. 
Table 4 – Partial Correlation Analysis of Subjective Perception Evaluation in Two Parks 

Park name Control variable Analytical variable Correlation 
coefficient P value 

Bayi Park 

Human activity sound Traffic sound 
Natural sound -0.085 0.266 

Traffic sound Human activity sound 
Natural sound -0.335 0.000** 

Natural sound Human activity sound 
Natural sound -0.723 0.000** 

Lu Xun Park 

Human activity sound Traffic sound 
Natural sound 0.006 0.946 

Traffic sound Human activity sound 
Natural sound -0.395 0.000** 

Natural sound Human activity sound 
Natural sound -0.581 0.000** 

, P<0.01 

It can be seen from the table that the subjective perceptual evaluation analysis of the two parks followed 
the same pattern, that is, when the two variables of traffic sound and natural sound were separately 
controlled, the vocal and natural sounds, vocals and traffic sounds were both significantly negatively 
correlated at the level of 0.01. This means that when controlling the third variable, the human voice and the 
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natural sound, the human voice and the traffic sound would be mutually concealed. When controlling the 
vocal variable, the traffic sound and the natural sound did not show a significant correlation, indicating that 
the human voice in the acoustic events perceived inside the two parks was the most important functional 
sound in the park, occupying a dominant position. And play a higher shielding effect on the other two 
acoustic events. 

4. Conclusions 
Taking Shenyang, a typical high-density city, as an example, 49 urban parks in the main urban area 

were affected by different degrees of traffic noise, mainly represented by multi-faceted direct adjacent 
roads and the high-level nature of the adjacent roads. These are the typical features of the roads adjacent to 
urban parks. The road level is significantly positively correlated with traffic volume at the 0.01 level for all 
roads adjacent to the two parks, that is, the higher the road level, the greater the traffic volume. 

2. The traffic noise simulation of two typical urban parks showed that the traffic sound of adjacent roads 
LAeq was 59.0-70.9dB(A), and the traffic volume of different levels of roads was different from that of 
simulated traffic. The sound pressure levels of the adjacent roads in the two parks varied in different days, 
and there was a certain distribution pattern in the period and the working day. The traffic noise on the 
working day was generally higher than the rest day, with significant difference between6:30 and 8:30.  

3. The proportion of areas with relatively clear traffic noise perception in the two parks were 36.0% and 
51.1%, respectively, and had different degrees of attenuation going deep inside. The influence factors of 
attenuation gradient were: morphological features landscape features within the park spatial 
morphological features shielding effects of dominant sound on other acoustic events. 
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ABSTRACT 

Road traffic noise is widely distributed in the cities and is more closely related to the urban resident people 

than other noise sources. To understand the relationship between road-traffic noise level and urban form 

indicators such as ground space index, floor space index, road density, road length, traffic volume and so on, 

spatial analysis was performed on highly populated city in South Korea. A system of 125m X 125m grid cells 

is placed on the city. And the urban forms and noise levels were calculated in each grid. Noise levels were 

calculated as energetical averages on each grid based on the noise map. Finally, it was simulated for changes 

in road-traffic noise levels due to urban forms change situations such as land development, road construction, 

and land use change. This study can be a policy tool to consider residents' noise exposure or area exceeding 

noise standard in the design process such as the redevelopment of highly populated urban city or the policy 

decision making process for urban planning. 

 

Keywords: Road-traffic noise, Urban form, Noise mapping, Ordinary least square,  

1. INTRODUCTION 

Urban noise is due to human activity. Human activities generate noise by driving cars, running 

factories, using trains. In the case of highly populated cities there are relatively more human activities.  

Especially, road-traffic noise is closely related to urban residential population compared to other 

noise. 

Much research has been done to understand the noise of the city accurately. The equation for 

predicting noise is summarized. Since then, the computation power has been able to perform complex 

calculations, and this equation has been applied to the entire city to produce a noise map that predicts 

noise. However, for more complicated cities, there are more and more times to build and compute 3D 

models for producing noise maps. Therefore, in this study, we devised a method to  predict more 

concise and quick results by using city components such as floor space index, population density,  

road length, road area, road density, and traffic volume. 

In this study, the relationship between urban form and road-traffic noise level was derived from the 

highly populated city of Korea (Gwangju metropolitan city) and the OLS(Ordinary Least square) 

model was created. The results were compared with the noise map results. 

2. LITERATURE REVIEW 

In a recent study, Salomons et al.(1) analyzed the changes in noise level due to urban form and 

urban density in Amsterdam and Rotterdam. In this study, As the GSI, FSI and population density 

                                                        
1 dreamer2442@uos.ac.kr 
2 mhkim@smu.ac.kr 
3 rlavlfflq154@uos.ac.kr 
4 schang@uos.ac.kr 
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increase the noise level decreases and as the road density and traffic density increase, the noise level 

increases. Silva et al.(2) analyzed the effect of the urban model on noise propagation. Analyzing 10 

types of urban and 3 traffic scenarios. This study shows that noise levels increase as urban structures 

become denser and open. Also, it is shown that the noise level is decreased when the urban form is 

complicated. Aguilera et al. (3) analyzed the relationship between urban form and road traffic noise 

in three European cities (Basel, Girona and Grenoble) through the Land Use Regression(LUR) model. 

The model using only GIS(GIS-only model) showed coefficient of determination for 0.66 ~ 0.87. 

The model with actual collection data of urban form(Best model) had coefficient of determination 

for 0.7~0.89 

In this study, the OLS model, which is the most basic form of multiple regression analysis, is 

used to show the correlation between noise and Urban form. The OLS model is the simplest and 

computation time is short, but it can be difficult to estimate complex relationships.  

For more accurate prediction, the influence range of the noise source(road) was expanded 

considering the characteristic of the noise source. This is because noise affects not only the 

neighborhood but also the wider range. In a complex city, the factors related to the building that 

insulated the noise are sufficient to analyze only the target area, but in the case of the noise source, it 

is necessary to expand the scope to the surrounding area. 

3. Materials and Methods 

3.1 Materials 

The Gwangju metropolitan city, located in the south-west part of the Republic of Korea, is 

selected for this study. As of 2016, the total population of Gwangju metropolitan city was 1.517 

million, the total length of roads was 27,022 km and the total city area for this study was 501.2 km
2
. 

The data for this study were obtained from the National Geographic Information Institute, the 

Gwangju Metropolitan Police Agency, the Gwangju Metropolitan City Office, and the Korean 

National Statistical Office. Table 1 shows the types and parameters of the data used.  

 

Table 1 – Summary of input data for this research 

Type Parameter Provider Production year 

Topography Terrain elevation 
National Geographic 

Information Institute 
2106 

Road Network 
National Geographic 

Information Institute 
2016 

Vehicle 

Volume 
Gwangju Metropolitan Police 

Agency 
2016 Speed 

Type 

Building Footprint 
Gwangju Metropolitan City 

Office 
2016 

Population 
Population for 

‘-dong’ district 

Korean National Statistical 

Office 
2016 

 

 

3.2 Methods 

Noise maps were produced for this study. Noise maps were produced with 3-Dimension using the 

data presented in Section 3.1. As a result of the noise map, a façade noise map was derived. The results 

were classified into 125m × 125m grid and the energetical average noise level in each grid was selected 

as the representative noise level of each grid. Urban form was also classified by the same grid.  

6722



 

 

Figure 1 shows the roads, buildings and sphere boundaries of Gwangju Metropolitan City. The red 

box is a detailed representation of some areas. The red box is an enlarged view of some areas, and the 

solid black line represents the 125m × 125m grid used in this study. Also, considering the propagation 

characteristics of the roadside, a buffer area is set at the center of the grid. The road length index, road 

area index, and traffic speed of each buffer area are additionally used.  The size of the buffer area is set 

to 500m and 1,000m when the noise level is 1.5dB (A) and 1dB (A), respectively, when the receiver is 

located 100m interval vertically on the road. Figure 2 shows the difference in noise level between the 

receiver and the next receiver in 100m interval. 

 

Figure 1 – Square grid cells overlaid over the Gwangju metropolitan city. 

 

 

Figure 2 – Noise difference with next point in 100m interval 

 

The variables considered in this study are shown in Table 2. Ld was set as a dependent variable, and 

the remaining variables were set as independent variables. The variables were excluded from the final 

model when the variable was not significant or the variance inflation factor (VIF)> 7.5.  In addition, 

when the buffer area of 500 m and 1,000 m is set, a buffer area having a high coefficient of 

determination of the model is selected even if the variables of both buffer areas are significant 
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Table 2 – Explanation and unit for each variable of the initial statistical model 

Variable Explanation Unit 

Ld Energetic average of noise levels during daytime dB(A) 

P Population density Person/m
2
 

GSI* Ground space index m
2
/m

2
 

FSI Floor space index m
2
/m

2
 

Q Traffic volume during daytime Vehicle/h 

PH Percentage of heavy vehicles during daytime % 

D* Traffic density Vehicle/km 

Ra Road area index m
2
/m

2
 

Rl Road length index m/m 

Ra,500* Road area in 500m buffer area m
2
 

Rl,500 Road length in 500m buffer area m
2
 

S500 Traffic speed during daytime in 500m buffer area km/h 

Ra,1,000 Road area in 1,000m buffer area m
2
 

Rl,1,000 Road length in 1,000m buffer area m
2
 

S1,000 Traffic speed during daytime in 1,000m buffer area km/h 

Note: * is the selected variables in the OLS model 

4. Results 

GSI, traffic density, and road area in 500m buffer area were found to be statistically significant. 

In addition, the coefficients of determination in the 500m buffer area (R
2
 = 0.473, adjusted R

2
 = 

0.473) were higher than those of the 1,000m buffer area (R
2
 = 0.458, adjusted R

2
 = 0.457). The 

created OLS model is shown in Table 3 below, and is summarized as Equation (1).  

 

Table 3 – Results for ordinary least squares model 

Variable Estimated t-Value 

Constant 43.8114*** 349.557295 

GSI* -3.392992*** -6.708942 

D* 0.550123*** 46.471753 

Ra,500* 0.000145*** 71.453010 

Note: *** indicates a statistically significant p-value(p < 0.01) 

 

500000145055012303929923 a,d R.D.GSI.L   (1) 

 

Based on the estimated model, a noise map was created and compared with the existing noise map 

results. The two results are shown in Figure 3 below. A scatter plot of the result is shown in Figure 4. 

Comparing Figure 3- (A) and (B), the overall noise figure distribution is similar. In detail, the 

absolute mean for the difference between the two noises is 5.88 and the skewness for the two noise 

differences (OLS model estimates - noisemap results) is 1.12. The noise map result is higher than the 

OLS model estimate. Noise map results are higher than OLS model estimates. The difference in 
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noise (OLS model estimation - Noise Diagnosis) among a total of 11,822 observations has a negative 

value of 6,349 and a positive value of 5,473. The coefficient of decision(R
2
) for the two noises in 

Figure 4 is 0.4735. The solid line in the figure is the case where the two noise levels are the same, 

and the dotted line is the trend line for the correlation of the two noise levels.  

 

 

Figure 3 – Comparison of noisemap results(A) with OLS model estimates(B) 

 

 

Figure 4 – Scatter plot of the noise map results and the results of the OLS model estimates 

5. CONCLUSIONS 

This study deals with the method of estimating the noise level using the urban form as an alternative 

method in a situation where the complexity of the city is increased and the noise map is difficult to 

make due to the increase of the population. Numerous studies have been conducted on this method, and 

there are many methods for improving the accuracy. In this study, we used OLS model, which is the 

simplest model, and extended the influence range of road by setting buffer area at prediction point. As 

a result, the coefficient of determination was 0.473. This decision coefficient was improved compared 

with 0.44 proposed by Ryu et al. (4). Also, as the results of Salomons et al.(1) and Ryu et al.(4) 

suggested, the tendency of the noise level to decrease with increasing GSI was confirmed. 

The statistical noise estimation method using the Urban form can be a good way to find out the 

distribution of urban noise easily and quickly. This methodology can be useful for decision -making 

by enabling efficient information transmission without complicated simulations in preparation of 

projects such as planning or redevelopment of complex cities with many populations.  
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ABSTRACT  
Cities are the space where environmental noise finds its most evident manifestation. For this reason, it can 
be considered that environmental noise is a problem that concerns urbanism and in many cases is also a 
reflection of poor urban planning. This paper shows a methodology that incorporates urban analysis to find 
the relationships that exist between urban aspects and environmental noise in public space, in representative 
areas of the city. The urban environment is analyzed through statistical and cartographic data and noise maps 
to show the impact of environmental noise with greater definition. The analysis of the sound environment is 
also incorporated by means of binaural sound registers and acoustic measurements. Some specific examples 
of the interpretation of data and contributions to the study of environmental noise are shown through the joint  
analysis of the various urban, social and demographic factors that make it up. The sound environment of 
cities, perhaps the most important element in the perception and definition of the character and urban image 
of cities is still absent from the concepts of urbanism and what this study presents is a possible approach to 
incorporate it. 
 
Keywords: Environmental noise, Urban planning, Soundscape 

1. INTRODUCTION 
A proposed methodology is presented here to include environmental noise in urban planning 

projects and studies. It is considered that it should be part not only of environmental impact studies, 
but also within the normal practice of urban planning. The way this is possible is by incorporating the 
correlation of urban aspects with the analysis of environmental noise and soundscape. 

In this study, a case study is used from a very important urban axis of Mexico City where an 
analysis is carried which goes from the general to the particular, first considering the axis in its entirety 
and then disaggregating it into 12 zones, of which three are here presented.  

Thus, this methodology considers not only noise maps, but also contrasts urban cartographies with 
each other as well as integrating the analysis of urban space, a central theme in the reflection of the 
city as a space for people.   

2. URBAN PLANNING AND ENVIRONMENTAL NOISE  

2.1 The City and Sustainable Development 
According to the report of the Department of Economic and Social Affairs of the United Nations 

Organization (1) more than half of the world's population lives in cities, and its growth continues to 
rise. That means an important burden for urban management and sustainable development: 
"Urbanization will continue and will do faster in low- and middle-income countries," highlights the 
document. 

Large population centers with more than 10 million inhabitants known as Megacities are 
proliferating throughout the world. The consequences for this are the accumulation of economic, 
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social and environmental problems. 
The New Urban Agenda (NUA) (2), states that: ". . . governments must undertake policies that 

improve the quality of life for both urban and rural dwellers, while strengthening the links between 
them. It is about making the benefits of urbanization inclusive, ensuring that everyone, regardless of 
their place of residence, has access to decent work, health care, training and a safe environment." This 
corresponds to the vision of the sustainable development.  

The NUA finds that cities can be a source of solutions and not the cause of problems if they are 
well planned and managed. It considers that urbanization can be a powerful instrument for the 
achievement of sustainable development at all levels, poor countries and the developed or rich. Its 
main objectives are:  

• Sustainable urban development for social inclusion and the eradication of poverty  
• Sustainable and inclusive urban prosperity and opportunities for all 
• Resilient and environmentally sustainable urban development. 
Thus, at NUA environmental and public health aspects are considered, as well as population 

mobility, especially transport, air pollution and noise. On the other hand, the creation and maintenance 
of well-connected and distributed networks of quality public spaces, open, safe, inclusive, accessible, 
green and intended for multiple purposes, is also considered. Promoting cities, human settlements and 
urban landscapes that are attractive and livable is also a priority.  

2.2 Sound, Noise and Urban Environment 
Human being has lived surrounded by sound, an element that has generally escaped the 

consideration of urban development, planning and design, including green movements, and 
sustainable development, in whose texts the problem of noise is generally not mentioned.  

The urban evolution of the world has been in a line of deterioration in the last fifty years . The ideas 
of urbanism that "modernized" cities have acoustically damaged the human and living being habitat. 

These ideas, which generated new urban paradigms, produced also a lot of urban problems, for 
their focus on the automobile. The excessive growth of the number of cars and in  general of vehicles 
in circulation, as well as the infrastructure to serve them, have turned cities into cities for automobiles.  

In cities such as Mexico and in general in Latin American cities, the vehicular and road growth has 
been exponential. This situation has had to do with urban disorder, and a lack of road planning and at 
least in Mexico City, due to the pressures of the automotive industry as well as urban sudden projects. 
Today in Mexico City, road traffic noise, like many cities in the world, is the main source of noise 
pollution.  

2.3 The Role of Noise in Sustainable Urban Planning 
What has been proposed by the NUA (2), concerns also to the world of acoustics and especially 

the urban environmental noise issue. Environmental noise as a problem in urban environments are an 
important part of sustainable, inclusive, socially responsible, environmental and resilient development.  

The problems of generating environmental noise and its health and social effects have a lot to do 
with the way cities are planned and managed. It is at the same time a problem of quality of life and 
wellbeing of population that cannot be ignored when planning the city. That is why it is very important 
to relate the urban and acoustic aspects of the city with the planning process of the city. 

2.4 Mexico City Urban Conditions 
The City of Mexico, although named city, is a conglomerate where municipalities and districts of 

two entities are mixed: 16 mayors of the City of Mexico before delegations of the Federal District and 
at least 18 municipalities of the State of Mexico. That is, the metropolitan area of Mexico City known 
as the Metropolitan Zone of the Valley of Mexico (ZMVM).  

Its population exceeds 20 million inhabitants and more than 8 million cars circulating daily for its 
more than 2 thousand kilometers of primary roads (3). It has an inefficient public transport network, 
and, in many cases, people must cross the metropolis side by side to reach their destinations.   

The airport is located inside the city where the landing routes of most of the planes cross the city 
from west to east, bathing it with its wake of noise. 

Urban planning is not carried out jointly by the entities that make up the metropolitan area and 
generally there is no communication between them. In Mexico City, the land use aspects are planned 
and executed somewhat anarchically, since the permitted uses are constantly changed by others that 
are not allowed for the general benefit of real estate businesses or spontaneous urban projects.  
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2.5 Mexico City Case Study 
The urban situation of Mexico City results in a significant problem of environmental noise, 

particularly the road traffic noise, which is showed by the First Noise Map of the ZMVM (4). This 
represents a very important impact in the Metropolis (Figure 1a).  

Given the immensity of the ZMVM, for this project a significant urban corridor has been selected , 
due to its urban, economic, social and cultural characteristics, that represents a clear example of the 
city's urban and environmental noise problems. (Figure 1b). 

The corridor is made up of the main and historic avenue of Paseo de la Reforma (Reforma Corridor ), 
which has been differentiated into three regions: The North Region, the Central Region and the South-
West Region (Figure 2). 

The South-West Region considers Paseo de la Reforma prolongation avenue, within the Urban 
Center of Santa Fe, a pole of development of high economic power. The corridor follows through 
Paseo de la Reforma Lomas, a very exclusive neighborhood of high economic level. The Central 
Region begins to the west by the Polanco neighborhood, with a mixed use between housing and offices 
of medium-high and high purchasing level. The corridor continues through the traditional Paseo de la 
Reforma, designed since the time of Emperor Maximiliano (1867), from the Bosque de Chapultepec 
to the Alameda Central, this section crosses traditional mixed-use neighborhoods between housing, 
shops and offices, as well as Government offices, the income level in this area is centered on high and 
medium-high. It continues to the North Region with contrasting areas of low-income, medium-low 
and medium-income housing reaching the well-known roundabout of Peralvillo, a low and middle- 
low class neighborhood. Finally, the Paseo de la Reforma Norte becomes the Calzada de Guadalupe 
until reaching the sanctuary of the Virgin of Guadalupe, the most important site of veneration and 
pilgrimage in the country, where each year ends in December receiving several millions of people 
from across the country.  

 

 
a                        b 

Figure 1. a) First Mexico City Metropolitan Area Noise Map y b) Case study area 
 

Subsequently, 12 study areas have been selected (Figure 2) within the Reforma Corridor, 
contrasting the specific urban characteristics of each one and how they impact the different sound 
environments. 

In all cases, various relevant approaches were considered, such as cultural, patrimonial, economic, 
social, among others. Some areas are adjacent sections that communicate directly with the corridor 
through main or secondary roads and that are part of it due to its proximity and importance within the 
city. 

It was sought that in these areas there would be diversity of land uses, population densities and 
socio-economic levels, to be able to contrast them with noise areas and observe the relationship of all 
these elements with respect to the acoustic environments in them. The analyzed sections are 
distinguished by their commercial or historical value and represent different types of areas with the 
various characteristics mentioned above. 

Finally, the methodological proposal culminates with an acoustic interpretation of urban space, 
that is, the minor scale of the urban analysis of this study, where within the corridor a selection of 
specific urban spaces was made, which were analyzed from the point of view of the urban soundscape, 
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including a collection of data from measurements and acoustic recordings that were contrasted with 
physical, social and urban image aspects. 

 
Figure 2. Case study map with region differentiation and zone selection. 

3. URBAN ANALYSIS AND ENVIRONMENTAL NOISE 

3.1 Urban Aspects and Environmental Noise 
To analyze the urban features of this corridor, cartography was generated based on data describing 

population density, land use, socioeconomic status, roads, and urban infrastructure. For this case study, 
the first three urban features mentioned were correlated with the vehicular traffic noise map of the 
corridor. (Figure 3). 

There is a close correlation between population density (Figure 3a) and socioeconomic level. The 
north region of the corridor has high population density and low to medium socioeconomic leve l, 
while the southwest region presents low population density and a high socioeconomic level.  

There is a great variety of land use in this corridor (Figure 3b). There is primarily residential use 
with different configurations (commercial-residential, mixed-use, and office space). Neighborhood 
squares, urban infrastructure, industrial areas, and green space are also present. The historic downtown 
area has the greatest variety of urban infrastructure (Figure 2 – zone 4). Industrial use is mostly present 
in the north, while green space is most common in the south-center and southwest region.  

The socioeconomic level map (Figure 3c) shows low and middle levels residing north of the city 
and middle to high levels living in the center and the southwest zones. There are also some low-level 
regions in the southwest region that correspond to older urban settlements. 

The noise map of the corridor (Figure 3d) shows that sound levels are higher in the north of the 
corridor, due to the low building heights. In the central region, although noise levels are high at main 
avenues, noise does not permeate through the city because building heights act as a barrier to the 
surrounding areas. However, the noise level in these urban canyons increases due to reflective 
materials and the successive reflection effect. In the southwest region, noise spreads through large 
areas adjacent to roads, which is caused by the high speeds and the lack of noise barriers and tall 
buildings.

 
a b c d 

Figure 3. Urban aspects of the corridor. 

g

g
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3.2 Analysis of Three Specific Zones  
The urban features of the 12 selected zones were analyzed. For this study, three different zones 

were selected to show the correlation between urban features and the sound environment. Zones 1, 5, 
and 11 were selected, corresponding to the zones of La Villa, Cuauhtémoc, and Constituyentes, 
respectively (Figure 2). 

Figure 4 shows the comparative percentages of four urban features analyzed: population density 
(Figure 4a), land use (Figure 4b), socioeconomic level (Figure 4c) and noise level (Figure 4d). The 
population density of zones 1 and 5 are greater than zone 11, due to their respective land use. In these 
zones varied residential use dominates, while zone 11 has more than 50% of green spaces and offices. 
Socioeconomic level has a strong correlation with land use and population density. For example, 
socioeconomic level tends to be higher in areas with more green spaces and less population density. 
Noise levels are contrasting across different areas ranging from acceptable to unacceptable depending 
on the type of road that connects them. 

 

 
a b c d 

Figure 4. Percentage analysis of urban aspects 
 

Figure 5 shows the noise levels of the selected areas generated by vehicular road traffic exclusively. 
These do not include other sound sources such as noise generated by formal and informal commerce, 
or occasional events, political manifestations, and blockades, which are specific to zone 5.   

The more complex and busier the streets get, noise levels increase. For example, in zone 1 the main 
noise-generating roads are the ones connected to the Basilica of Guadalupe (north-south roads) where 
the low height of buildings allows noise to diffuse more easily within streets. In zone 5, noise-
generating roads are main roads with high traffic rates. However, noise penetration to adjacent areas 
is lower due to building heights. In zone 11, noise is generated by two main roads that connect the 
city with the southwest zone of Santa Fe, producing a high volume of vehicular traffic . 
 

 
Figure 5. Noise map comparison. 
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4. THE ACOUSTIC INTERPRETATION OF URBAN SPACE 
 
The public space is a place where a dialogue between pedestrians is conceived (their steps, talks, 

laughter, singing and movements) and the sound that in the environment exists. According to this, the 
city in its acoustic dimension takes the public space as a setting for life and urban customs.  

The public space is a continuum of structures that order different activities and  space usage (5), 
and each one will have different acoustic expressions. For this study, seven elementary urban 
structures were classified according to the user’s experience: 
 those related to pedestrians, as; squares, parks and pedestrian streets; with uses such as transit, 

sightseeing, permanence, contemplation or to enable social activities.  
 those related to motor vehicles, roundabouts, primary, secondary and tertiary roads; spaces that 

promote mobility and connection. 
According to these seven typologies, 31 urban spaces were selected within the twelve zones of 

study, physical configuration and urban characteristics, 45 sound records were registered (Figure 6).  
 

  
Figure 6 –Location of selected urban spaces 

 
The urban characteristics considered are physical and formal criteria, organizational criteria, 

functional criteria and qualities of the place. 
 

4.1 Analysis of Urban Structures 
The analysis process carried out in each of the urban spaces consisted of 

 Physical analysis: Physical description of the space: location, dimensions, spatial limits, 
facades, proportions and urban components. 

 Activity / social analysis: people activities and functions within the study area, pedestrian 
/ vehicular / space usage 

 Analysis of the sound environment  
a. Selection of measuring points  
b. Acoustic measurement, binaural recording, photographic record  
c. Analysis of acoustic index 

 Results.  Correlation of analyzed aspects. 
 

4.2 Analysis of the sound environment of urban space 
In order to show the methodology carried out in the different observation sites, the square "Plaza 

Rio de Janeiro" was selected as an example (Figure 7), which is located in zone 6, notable for its 
physical and social characteristics, its particular sound environment and variety of activities and sound 
sources that converge there (Figure 8). 
 

 
Figure 7 – Technical details of the urban-acoustic characterization “Plaza Rio de Janeiro”, 

Mexico City 
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Figure 8 – Spectrum of binaural recording and of sound sources of the Plaza Rio de Janeiro, 

CDMX.  
 
The square has a symmetrical arrangement, flanked by secondary roads with medium flow and four 

to six levels buildings, which is why it is formally considered cloistered.  
On the inside, the square has a water fountain in the center that functions as a visual and sound 

landmark; by structure and form it is conceived as a population concentrating space that allows 
flexibility in everyday use, beyond permanence or transit, the previous is reflected in a diverse 
sonorous environment that is a function of the temporary use that is given to the space as: the grouping, 
the exchange or trade, the game, the stay, the walk, among others.  

From the acoustic perspective it is considered a quiet space with low sound levels fluctuation, 
between 3 dBA (barely perceptible) and 5 dBA, with stable sound sources that compose the 
background noise such as: the low-medium vehicular traffic, the water source and the various birds 
that converge there, this is observed in the spectrogram of Figure 8, between minute 1:15 -1:45 when 
the possible sound sources (derived from road traffic noise) are not found, the sound level and its 
spectrum are stable. On the other hand, the background noise is complemented by sounds derived 
from specific activities such as people usage (voices), transit (steps or bicycle) or playground 
(creaking) depending on the use of space, its flexibility and the temporal routine. 

Finally, it was determined that this public space, despite being immersed in an area with great 
commercial activity, heavy traffic capacity and high population density, presents a stable or 
continuous background noise that includes the sound of the water source, the medium-low vehicular 
traffic and natural sounds such as birds or pets, and occasional sound marks that vary according to the 
activities. From the data obtained from four squares studied, it was concluded that the r elationship of 
social activities together with the physical characteristics and the sound environment determine the 
acoustic congruence of the proposed urban structures (Figure 9).  

 

  
Figure 9 – Matrix of relation of the sound environment of the public space: Plaza Río de Janeiro.  
 
The matrix (Figure 9) shows how the design of public space has an impact on the intangible 
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environment such as sound, which is affected by the physical configuration of the land, social 
activities and therefore the variations of sound sources that are present. For example, a space that is 
formally and functionally flexible will present more alterations in its use and sound environment will 
be versatile and temporary, on the contrary, rigid spaces will not present significant variations in its 
primordial function and the sound environment will be stable. Or taking technical considerations as 
an enclosed space like an urban canyon, it will have DIRECT repercussion in the sound level (LAeq) 
of a given sound environment (6) or the presence of a landmark (visual or sonic) will generate people 
concentration, so indirectly the sounds and the sound level will be affected.  

This matrix directly or indirectly relates physical, organizational and functional criteria, as well as 
sound environment criteria in a qualitative evaluation system, which shows the importance of 
considering in urban planning and design, the social activities and how these affect the sound 
environment. This group of indicators (activities, sounds, background noise and space configuration) 
generate a sound identity of the different urban structures, however, despite having similar qualities 
each case of study will present significant particularities 

5. SUMMARY 
A methodology for the integration of environmental noise into urban analysis has been proposed 

for the benefit of urban planning, in this case, of Mexico City. 
This proposal considers both the urban and the acoustic aspects with the idea of an integral 

planning of cities since the control of the environmental noise and the development of the soundscape 
should be part of a sustainable development of any city. 

This study is only the beginning of a transformation towards an urban thought that seeks an 
acoustic affinity towards the creation and innovation of the contemporary city.  
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ABSTRACT
Road-traffic noise and air pollutants have adverse effect to urban dweller’s health and life quality. For 
management of the noise and air pollutants, noise and air pollution maps can be used to provide quantitative 
information of noise and air pollution exposure levels. In this study, the more efficient method of noise and 
air pollution mapping was developed statistically. Noise and air pollutants’ exposure change by small-scaled 
alteration of urban planning can be predicted by the method. The relationship between road-traffic noise level 
and air pollutants and urban forms for roads, buildings and land-use was analyzed by artificial neural network 
analysis. The selected representative urban form indicators are road-related(traffic volume, speed), building-
related(floor space index, ground space index), and land-use-related indicators. The artificial neural network 
model was optimized by adjusting the number of hidden nodes and layers. The 2/3 of data sets extracted from 
a region was used for the model development to select the model with the least prediction error. The selected 
model was applied to the remaining 1/3 of data sets for verification. The result from the artificial neural 
network model were compared with that from engineering model

Keywords: Artificial neural network, Road-traffic noise, Urban form indicators

1. INTRODUCTION
Noise and air pollutants that could adversely affect the life and health of urban habitants share road 

traffic as a common source. Roads are social infrastructures that is essential for the maintenance and 
development of society. Therefore, it is practically impossible to reduce noise and air pollutants due 
to reduction or elimination of roads. A noise map is created using the road-traffic noise prediction 
model which takes into account the noise level emitted from the road and the processes in which the 
noise is absorbed, reflected and diffracted in the propagation path. And air pollutants map is created 
using emission level of air pollutants and dispersion model. The management of road-traffic noise and 
air pollutants is based on using of noise map and air pollutants map.

But creating noise map and air pollutants map requires verification through in-situ measurement 
and using considerable computation resource in the calculation process. And it needs a lot of cost, 
time and manpower in the creation process. So, it is necessary to research how to estimate road-traffic 
noise level and air pollutants concentration in urban area with minimum cost, time and manpower. In 

1 rlavlfflq154@uos.ac.kr
2 pgryuno1@schoolkeepa.or.kr
3 jj.jeon@uos.ac.kr
4 schang@uos.ac.kr
5 npark@atlantaregional.org
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this study, the basic research was carried out to estimate the road-traffic noise level and air pollutants 
concentration based on statistical method. Among various statistical methods, the artificial neural 
network method was used.

Kumar, et al.(2015) fitted an artificial neural network model based on measured road-traffic noise 
and road information(traffic volume, heavy vehicle ratio and traffic speed). Predicted road-traffic 
noise level of artificial neural network model is similar to measured road-traffic noise level than that 
of linear regression model.(1) Garg et al.(2015) predicted road-traffic noise level based on traffic 
volume by car types(car, two-wheelers, medium commercial vehicles, three-wheelers bus and trucks) 
and traffic speed by car types(light vehicle, heavy vehicle) with artificial neural network model. Leq 
and L10 were used as unit. The artificial neural network model showed higher explanatory power than 
multiple linear regression model.(2) In the study of comparing predicted road-traffic noise levels 
based on conventional road-traffic noise prediction(UK, Northern Europe, Italy and France) and 
artificial neural network model, the results of artificial neural network model were most similar to 
measured noise level.(3) In the above research cases, the artificial neural network models were created 
based on measured noise level and road information(Traffic volume, speed and etc.) at a certain point.
As a result, predicted road-traffic noise levels by ANN model were similar to the measured road-
traffic noise levels compared than the conventional road-traffic noise prediction and linear regression.
However, it is difficult to predict the representative road-traffic noise level in urban area, because the 
model reflects geographical and topographical characteristics of the certain point. Ryu, et al.(2014) 
predicted road-traffic noise of urban area using statistical method. A system of grid cells was placed 
on the study area, and the representative values of road-traffic noise level and urban form indicators 
were calculated in each grid cell. And the relationship between road-traffic noise and urban form 
indicators was analyzed using spatial statistical analysis.(4) In the case of predicting air pollutants 
spatial distribution, artificial neural network model was created based on road information(Traffic 
volume, Heavy vehicle ratio) and meteorological information(temperature, wind speed, humidity and 
sun radiation). And the model predicted concentration of PM2.5 at various height of highway side.(5)

In this study, the relationships between urban form indicators and road-traffic nose, air pollutants 
were analyzed with artificial neural network model. And the critical urban form indicators that affect 
to road-traffic noise and air pollutant’s occurrence were analyzed.

2. DATA ANALYSIS AND DEFINITION

2.1 Gridding study areas
Gwangju metropolitan city in Republic of Korea and Fulton county in Atlanta, USA were selected 

as study areas. Gwangju was chosen to analyze the relationship between road-traffic noise and urban 
form indicators, and Fulton was chosen to analyze the relationship between air pollutants and urban 
form indicators. Gwangju had total area of 501km2 and population of 1.46 million as 2017 when the 
noise map was created. And Fulton had total area of 1380km2 and population of 1 million as 2015 
when the air pollutants map created. A system of 200m×200m grid cells is placed on the study areas. 
The number of valid grid cell of Gwangju and Fulton is 5,933 and 26,717, respectively. Figure 1 shows 
the example of Gwangju city’s grid cell system application.

Figure 1 – Grid cell system application to Gwangju
(c) Google Maps / Digital Globe / SK telecom
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2.2 Estimation of representative value of road-traffic noise level and air pollutants
The representative value of road-traffic noise level of a grid cell was calculated based on existing 

façade noise map. The noise map of Gwangju was created by commercial noise mapping software, 
SoundPLAN 7.4.(6) The power averaged façade noise level of each grid cell was calculated and 
defined as representative road-traffic noise level of a grid cell. And the representative value of air 
pollutants of grid cell was calculated base on existing air pollutants map. The air pollutants map was 
created by two software. The emission level was calculated by MOVES(Motor Vehicle Emission 
Simulator) developed by US EPA(Environmental Protection Agency).(7) And the R-line 1.2 which 
calculate air pollutants dispersion in atmosphere was used to calculate representation value of air 
pollutants concentration.(8) Carbon monoxide(CO) and PM2.5 concentrations were used as 
representative value of air pollutants. Figure 2 shows the noise map of Gwangju. And figure 3 shows 
the air pollutants map of Fulton.

Figure 2 – Road-traffic noise map of Gwangju

Figure 3 – Air pollutants map of Fulton
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2.3 Estimation of representative value of urban form indicators
The 3D urban models of each city used to extract representative value of urban form indicators. 

The models were created using ArcMap 10.3.(9). The urban form indicators fall into four categories, 
population, building road and land-use-related.(10) Population density(Pd) was chosen as population-
related urban form indicator. The data of Gwangju includes the population data, but the data of Fulton 
did not include population data. So, in this study, the population-related urban form indicator was 
excepted. Similarly as in our previous study, Ground Space Index(GSI) and Floor Space Index(FSI) 
were chosen as building-related urban form indicators.(4, 10) Traffic volume(Q), heavy-vehicle 
ratio(PH), traffic speed(V) and road area density(Ra) were chosen as road-related urban form 
indicators.(4, 10) Land-use-related urban form indicators are consist of residential(LR), 
commercial(LC), industrial(LI) and green(LG) area ratios.(4, 10) The calculation formula and 
definition of urban form indicators were shown in Table 1.

Table 1 – Formula and definition of urban form indicators
Type Variable Calculation formula Definition of variables in formula 

Building-
related

Ground space index
(GSI, m2/m2) = : building coverage of building k

: area of each grid cell(40,000m2)

Floor space index
(FSI, m2/m2) = : building coverage of building k

: number of floors of building k
: area of each grid cell(40,000m2)

Road-
related

Traffic volume
(Q, vehicles/h) = : traffic volume of road i

: length of road i

Heavy vehicle ratio
(PH, %) = : heavy vehicle ratio of road i

: length of road i

Traffic speed
(V, km/h) = : traffic speed of road i

: length of road i

Road area ratio
(Ra, m2/m2) = : length of road i

: width of road i
: area of each grid cell(40,000m2)

Land-use-
related

Residential area 
ratio
(LR)

= : area of residential area
: area of each grid cell(40,000m2)

Commercial area 
ratio
(LC)

= : area of commercial area
: area of each grid cell(40,000m2)

Industrial area ratio
(LI) = : area of industrial area

: area of each grid cell(40,000m2)

Green area 
ratio(LG) = : area of green area

: area of each grid cell(40,000m2)
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3. ARTIFICIAL NEURAL NETWORK ANALYSIS

3.1 Model development
Artificial neural network method was used to analyze the relationship between urban form 

indicators and road-traffic noise, air pollutants. The whole dataset of Gwangju which is consist of 
urban form indicators and road-traffic noise level, were divided two, training dataset and test dataset. 
The artificial neural network model for analyzing relationship between urban form indicators and 
road-traffic noise were fitted by training dataset. And explanatory power of the model was verified by 
test dataset. The number of training and test dataset is 3,955 and 1,978. In the process of fitting 
artificial neural network model, training dataset was divided into training and verification dataset. 
Difference between road-traffic noise level predicted by artificial neural network model and that of 
noise map was calculated by mean squared prediction error(MSE). Similarly, to analyze the 
relationship between urban form indicators and air pollutants, the whole dataset of Fulton county was 
divided into training and test dataset. The number of training and test dataset is 17,811 and 8,906. 
Error analysis was also performed as in the case of noise.

Artificial neural network model is based on mathematical calculations finding the point where the 
error between existing data and predicted data is minimized. Because it is through complicated 
calculation process, statistical analysis software R, which could be performed automatically, was 
used.(11) R has various package to create artificial neural network model. The nnet package which
could create artificial neural network model including single hidden layer was used.(12)

The optimized artificial neural network model could be fitting by change of various parameters. In 
this study, the number of hidden nodes, decay parameter which prevent over-fitting to test dataset 
were changed. Maxit parameter which specifies the maximum number of repetitions in fitting process 
was fixed to 200, and the other parameters were applied as default. The number of hidden nodes was 
changed 1 to 50, decay parameter was changed e-2 to e7 and 0.

In case of road-traffic noise, the artificial neural network model was optimized when the number 
of hidden nodes was 48 and decay parameter was e-2. And in case of CO, the number of hidden nodes 
was 38, decay parameter was e-2, and in case of PM2.5 the number of hidden nodes was 13, decay 
parameter was 0. The example of finding minimum MSE were shown in Figure 4.

4. Result

4.1 Model application to test dataset
The three artificial neural network models(road-traffic noise, CO, PM2.5) were applied to test 

dataset to analyze explanatory power. The correlation coefficient of road-traffic noise level based on 
noise map and that of artificial neural network model was 0.74. In case of CO, the correlation 
coefficient was 0.74 and in case of PM2.5 correlation coefficient was 0.75. The detailed correlation 
coefficient and coefficient of determination were shown in Table 2.

Figure 4 - Mean squared prediction error of road-traffic noise by changing number of hidden nodes and 

decay parameter
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Table 2 –Correlation coefficient and coefficient of determination

Correlation 

coefficient(r)

R-squared

(R2)

Adjusted

R-squared(R2adj)

Noise level 0.74 0.54 0.54

CO concentration 0.74 0.54 0.54

PM2.5 concentration 0.75 0.56 0.56

Figure 5 shows the comparison between predicted road-traffic noise level based on noise map and 
road-traffic noise level based on artificial neural network model.

Figure 5 – Comparison between noise levels from a noise map and ANN model

Figure 6 and 7 show the comparison between predicted CO and PM2.5 concentration based on 
noise map and CO and PM2.5 concentration based on artificial neural network model.

Figure 6 - Comparison between CO concentrations from a noise map and ANN model

6740



Figure 7 - Comparison between PM2.5 concentrations from a noise map and ANN model

4.2 Relative importance of urban form indicators
The Garson algorithm was used to analyze the relative importance of urban form indicators on the 

generation of road-traffic noise and air pollutants. The NeuralNettools package which includes Garson 
analysis was used.(13) In case of road-traffic noise, relative importance of urban form indicators was
in order of  FSI, GSI and LI. In case of CO, relative importance of urban form indicators was in 
order of FSI, V and LR. And in case of CO, relative importance of urban form indicators was in order 
of LC, Ra and FSI. Figure 8 shows the relative importance of urban form indicators when predict 
road-traffic noise level and concentration of CO and PM2.5 based on artificial neural network model.

Figure 8 – Relative importance of urban form indicators in road-traffic noise, CO and PM2.5 prediction

5. SUMMARY
The artificial neural network model was fitted to analyze relationship between urban form 

indicators and road-traffic noise, air pollutants. Artificial neural network model which is prediction 
road-traffic noise level’s explanatory power was 0.54. In case of CO concentration explanatory power 
was 0.54 and in case of PM2.5 concentration explanatory power was 0.56. Road-traffic noise level, 
CO and PM2.5 concentrations which were predicted by artificial neural network model shows linear 
relationship with predicted result of nose and air pollutants map. As a result of analyzing relative 
importance of urban form indicators on the generation of road-traffic noise and air pollutants, the 
importance of urban form indicators was different by pollutant’s type. The most significant urban 
form indicator was FSI
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ABSTRACT 

Living Green Walls (LGWs) or Vertical Gardens are built and deigned using a selection of plants, 
growing medium, frames, supports, and irrigation system. LGWs are considered as a natural solution 
of controlling noise especially in urban environments. A better sound absorption can be achieved 
through replacing the currently used growing medium by a new material with a higher porosity. A 
high porosity material allows more sound to entre and dissipate in the material matrix. Coconut fiber 
can be a considerable alternative for the currently used growing medium, due to its high porosity. It 
has proven that natural fibers have good sound absorption coefficient at medium and high frequencies 
(500 – 2000 Hz). The study works on improving the LGWs acoustic using sustainable resource 
(coconut fiber). In order to increase the sound absorption over the current LGWs and utilize the 
coconut waste obtained from grinding the coconut waste which naturally exists. Moreover discussing 
the impact of introducing the coconut to the LGWs Supply Chain. The paper presents analysis based 
on real data collected from LGWs companies.   
 
Keywords: Sound absorption, Coconut fiber, Supply Chain 

1. INTRODUCTION 
  Urban areas have been expanded rapidly in the last decades. The world population increased from 
5.3 billion in 1990 to 7.7 billion in 2019 (1, 2). In 2018 the United Nation website has revealed that 
55 % of the world’s population lives in urban areas (3). Based on a study done in 2000 it was proved 
that more than 44 % of the population within the European Union was exposed to road traffic noise 
levels over 55 dB (4). As the world continues to urbanize, many countries will face challenges in 
mitigating the sound pollution levels. 
  Greening these cities is a key element in addressing this noise pollution levels, in order to create a 
new sustainable urban lifestyle. Searching for an empty land to plant vegetation is nearly impossible 
in such crowed areas. Hence, Living Green Walls (LGWs) are considered as practical solution. LGWs 
concept of creating natural surfaces on the walls goes back to the hanging gardens of Babylon that 
was one of the Seven Wonders of the World at 600 BC (5). Currently LGWs design varies based on 
the customer requirements. LGWs are offered by different national and international companies. 
Previous acoustic studies have demonstrated the LGWs within the context of traffic noise mitigation. 
The studies focused on the sound absorption and sound propagation properties of green walls and 
vertical greenery systems used on façades (6 – 8). It was found that green vertical systems with 4 m 
width, 8 m height, and 0.3 m thickness, reduce sound propagation compared to rigid façades with 
maximum road traffic noise reductions of approximately 10 - 20 dB at mid frequencies around 500 – 
1000 Hz. These green vertical systems were on average 1 m above the ground (7, 9). 
  The configurations of the systems (10), roof thickness (9, 11), and vegetation layer (12), have all 
been shown to be important factors affecting the sound absorption and sound propagation properties 
of green systems. In order to absorb the sound well, materials should have high porosity (relative 
volume of pore space). A porous absorbing material contains cavities, channels or interstices so that 
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sound waves are able to enter and be captured by them. When the sound waves are exposed to a porous 
material, the air molecules at the surface and within the pores of the material are forced to vibrate. 
This leads to loss of some incident/emitted energy. Because part of the energy is converted into heat 
by the air molecules due to thermal and viscous losses at the walls of the interior pores and tunnels 
within the material (13, 14).  
  Fibrous materials consist of a series of tunnel-like openings that are formed by interstices in 
material fibers; these fibers may be continuous filaments or discrete elongated pieces that trap emitted 
sound. They are produced in rolls or in slabs with different thermal, acoustical, and mechanical 
properties. Fibers can be classified as natural or synthetic (artificial, i.e foam). Natural fibers can be 
fruit or vegetable (coconut, banana, cotton, kenaf, wood, etc.), animal (wool, fur felt), or mineral 
(asbestos) (15). Recent measurements carried out on samples of natural fibers. The measurements 
have shown that similarly to traditional porous materials natural fibers have good sound absorption 
coefficients, especially at medium and high frequencies (500 – 2000 Hz) (14, 16). 
  Coconut fiber and coir are waste material that remains after the coconut is processed into different 
products, such as: coconut meat, coconut milk, coconut water, etc. The Coconut fiber and coir are 
extracted from the inner husk of the coconuts as shown in Figure 1. Coconut natural fiber is 
characterized by its thickness, coarseness and durability (17). Coconut fiber and coir are by-product 
which occur in nature,as shown in Figure 2. The coconut fruit yields 40 % coconut husks containing 
30 % fiber, with coir making up the rest (18). Coir (also known as coir pith, coir meal, coir dust and 
coco peat) is a waste product of the coconut fruit (19), consisting of the dust and short fibers derived 
from the husk of the fruit. This amount of renewable natural resource can be utilized as an alternative 
for the Black Compost Soil (BCS), to improve on LGWs sustainability. 

      
      Figure 1- Coconut component schematics (20)      Figure 2- Coconut husk, fiber and coir (21) 

  Coconut coir pith and BSC can be blended in order to obtain fluffed plant growth media. This mixed 
growing medium will improve the fluffed yield characteristics and enhanced wettability as compared 
with the results obtained from using BCS individually. Coir pith is granular in nature and holds water 
in a matrix equivalent to a “honeycomb” or sponge. Coir pith does not shrink as much as peat moss 
and peat moss does not wet as well as coir pith (22). 

To study the coconut fiber capability of noise absorption an experiment was performed. This 
experiment will be illustrated in the section 2.  

2. Methodology  
Two methodologies were applied in this study: (a) in-situ acoustic absorption experiments of 

traditional Black Compost Soil (BCS) vs. Coconut Fiber (CF), (b) case-study approach and analytical 
modelling of Supply Chain to establish benefits of the CF for LGWs companies.   

2.1 Experimental Methodology  

To compare the acoustic absorption of the Black Compost Soil (BCS) vs. Coconut Fiber (CF) an 
in-situ experiments were carried out at the LGW nursery site. In these experiments a 3 m wide and 2 
m tall LGW with only pre-filled soil in the modules was used (see Figure 3). Each compartment of 
the module measures 80 mm x 100 mm. The moisture content of each of the growth medium’s was 
kept at 5 %.  

The acoustic method described in (23) was used, where instrumentation consisted of ‘An intensity 
probe, Brüel & Kjær, type 4197 with Brüel & Kjær NEXUS conditioning amplifier type 2690 and 
parametric transducer (directional loudspeaker HSS-3000 Emitter) with HSS-3000 amplifier. The 
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intensity probe was firmly attached to a telescopic tripod and placed at a height of 0.9 m and 1.7 m 
away from the measured surface. The orientation of the intensity probe with respect to the wall was 
perpendicular. The directional loudspeaker was also attached to a tripod and it was placed 4 m away 
from the wall. The line connecting the center point of the directional loudspeaker and the middle of 
the intensity probe was also set perpendicular to the wall. See Figure 4 for the set-up schematics. This 
method offers great precision and hence advantage over the traditional acoustics barrier absorption 
methods, CEN/TS1793-5:2003 and ISO354-2003, as mentioned in (23). 

 

 
 
 
 
 
 
 
 
 

Figure 3 - Black Compost Soil (BCS, left) and Coconut Fiber (CF, right) in plastic modules 

 
Figure 4 - Acoustics experiment set-up, using Ans Global Ltd LGW system 

2.2 Investigation Methodology 

An interview was carried out with one of the well-known LGWs companies (Scotscape Ltd.) in the 
United Kingdom. During the interview a set of questions were asked to Scotscape Ltd., to help in 
exploring and understanding their supply chain. In large, the questions acquired the information in 
these categories: 

a) The material / components of LGW; 
b) Material suppliers, supplier location and means of transportation; 
c) The LGW ordering process; 
d) Communication link between LGW company and suppliers. 
 
The Scotscape LGW is mainly consists of five main components: modules, irrigation system, plants, 

BCS, and fixtures. All of these components are sourced from different suppliers. Part of the suppliers 
are local (based in the UK), except for the modules and plants.  

The LGW supply chain process starts with initiating the LGW order by a client. The client contacts 
the LGW company to arranges a site visit. Then company’s employ takes the site’s measurements. A 
quotation is then estimated and sent to the client, to get the approval. After the client approves the 
offer, the measurements are used to create the LGW design and identify the required material. After 
that, they order the required material from their suppliers via e-mail. The soil and fixtures (screws, 
guttering, and timber) are off the shelf from local DIY stores near the company. The orders are shipped 
to LGW Company. The modules are delivered by ship to UK and then collected by the LGW company 
by van. The irrigation system is delivered by van from Bristol to the LGW by van. The plants are 
sourced from Holland by vans. Finally, they ship the material to client’s site and install the LGW. A 
flow diagram was created to show the LGWs material supply chain Figure 5. 
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Figure 5 - LGW supply chain flow diagram 

  

3. Data Analysis 

   After applying both methodologies, the outcomes were analyzed in Section 3.1 & 3.2. 

3.1 Experiment Analysis 

The intensity probe was used to record the instantaneous intensity, where time window analysis 
(of 3 x 10 s repetitions) and further Fourier analysis were carried out to determine the acoustic 
absorption coefficient (23) for both BSC and CF. Figure 6 below represents averaged acoustic 
absorption coefficient for BSC, CF as well as 100 mm thick Melamine sample (good porous absorbent 
material with known acoustical properties) and 18 mm Plywood (known for good reflection properties 
as a non-porous material) to benchmark the results. It is seen that the absorption coefficient of the CF 
is between 12 – 20 % higher in frequency ranges 300 – 5000 Hz.  

This parameter will change with the fluctuation of the moisture content of the growth medium, 
however the moisture content in the range of 0 - 20 % has been reported to be most effective at 
facilitating adequate sound absorption. At higher concentration of moisture, the growth medium 
becomes mostly reflective as pores are filled with water that tends to behave like a glass surface. 

 

 
Figure 6 - Acoustics absorption coefficient for 100 - 10000 Hz 
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3.2 Questionnaire Analysis 

Carbon emission was calculated for each component based on the material weight and means of 
transportation, taking into consideration the fuel type, distance travelled, material weight and vehicle 
weight. Table 1, columns left to right, shows the LGW components, materials, material weight in 
kg/m2, transportation type, distance (km) from the supplier to the LGW company, emission factor 
(km/m2) and the carbon emission (CO2/m2).  

Based on (24), the average volume of a van = 17 m3 and the fuel type is diesel. The average capacity 
of ship is 58 containers, the one container is 33 m3 (25, 26) and the fuel type is diesel. The carbon 
emission was calculated manually. Taking into consideration that the load utilization percentage for a 
van is 85 % (27), and for a ship is 70 % (28). The emission factor for the van is 0.2568 ton kg CO2 
(29) and 0.01592 ton kg CO2 (29) for the ship.  

The LGW components, material, weights, and the mean of transportation were deduced from the 
data collected by the questionnaire. The distance was calculated using Google Maps, based on the 
supplier and LGW company location as provided by questionnaire answers. The van carbon emission 
was calculated using equations 1 - 5. The ship carbon emission was calculated using equations 6 - 10. 
 
For van: 
𝑇𝑜𝑡𝑎𝑙 𝑤𝑒𝑖𝑔ℎ𝑡 (𝑡𝑜𝑛) = 𝑒𝑚𝑝𝑡𝑦 𝑤𝑒𝑖𝑔ℎ𝑡 𝑜𝑓 𝑣𝑎𝑛 + 85 % 𝑐𝑎𝑝𝑎𝑐𝑖𝑡𝑦 𝑜𝑓 𝑚𝑎𝑡𝑒𝑟𝑖𝑎𝑙                      (1) 

𝑇𝑜𝑡𝑎𝑙 𝑤𝑒𝑖𝑔ℎ𝑡 (𝑡𝑜𝑛) × 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛 𝑓𝑎𝑐𝑡𝑖𝑜𝑛  (
𝑡𝑜𝑛 𝑘𝑔 𝐶𝑂

𝑘𝑚
) = 𝑇𝑜𝑡𝑎𝑙 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛 (

𝑘𝑔 𝐶𝑂

𝑘𝑚
)                                      (2) 

𝑇𝑜𝑡𝑎𝑙 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛 𝑝𝑒𝑟 𝑏𝑜𝑥 
𝑘𝑔 𝐶𝑂

𝑘𝑚
=

𝑡𝑜𝑡𝑎𝑙𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛

𝑛𝑜. 𝑜𝑓 𝑏𝑜𝑥𝑒𝑠

 𝑘𝑔𝐶𝑂

𝑘𝑚 × 𝑏𝑜𝑥
                                                                             (3) 

𝑇𝑜𝑡𝑎𝑙 𝑐𝑎𝑟𝑏𝑜𝑛 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛 
𝑘𝑔 𝐶𝑂

𝑘𝑚 × 𝑚
=  

𝑡𝑜𝑡𝑎𝑙 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛

𝑛𝑜. 𝑜𝑓 𝑏𝑜𝑥𝑒𝑠
 

𝑘𝑔𝐶𝑂

𝑘𝑚 × 𝑏𝑜𝑥
 ÷ 𝑡𝑜𝑡𝑎𝑙 𝑚𝑎𝑡𝑒𝑟𝑖𝑎𝑙 𝑝𝑒𝑟 𝑏𝑜𝑥 

 𝑚

𝑏𝑜𝑥
      (4) 

𝑇𝑜𝑡𝑎𝑙 𝑐𝑎𝑟𝑏𝑜𝑛 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛 
𝑘𝑔 𝐶𝑂

𝑚
=  𝑇𝑜𝑡𝑎𝑙 𝑐𝑎𝑟𝑏𝑜𝑛 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛 

𝑘𝑔 𝐶𝑂

𝑘𝑚 × 𝑚
× 𝑡𝑜𝑡𝑎𝑙 𝑑𝑖𝑠𝑡𝑎𝑛𝑐𝑒 (𝑘𝑚)            (5) 

 
For ship: 
𝑇𝑜𝑡𝑎𝑙 𝑤𝑒𝑖𝑔ℎ𝑡 (𝑡𝑜𝑛) = 𝑒𝑚𝑝𝑡𝑦 𝑤𝑒𝑖𝑔ℎ𝑡 𝑜𝑓 𝑐𝑜𝑛𝑡𝑎𝑖𝑛𝑒𝑟 + 70 % 𝑐𝑎𝑝𝑎𝑐𝑖𝑡𝑦 𝑜𝑓 𝑚𝑎𝑡𝑒𝑟𝑖𝑎𝑙                 (6) 

𝑇𝑜𝑡𝑎𝑙 𝑤𝑒𝑖𝑔ℎ𝑡 (𝑡𝑜𝑛) × 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛 𝑓𝑎𝑐𝑡𝑖𝑜𝑛  (
𝑡𝑜𝑛 𝑘𝑔 𝐶𝑂

𝑘𝑚
) = 𝑇𝑜𝑡𝑎𝑙 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛 (

𝑘𝑔 𝐶𝑂

𝑘𝑚
)                                      (7) 

𝑇𝑜𝑡𝑎𝑙 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛 𝑝𝑒𝑟 𝑏𝑜𝑥 
𝑘𝑔 𝐶𝑂

𝑘𝑚
=

𝑡𝑜𝑡𝑎𝑙𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛

𝑛𝑜. 𝑜𝑓 𝑏𝑜𝑥𝑒𝑠

 𝑘𝑔𝐶𝑂

𝑘𝑚 × 𝑏𝑜𝑥
                                                                             (8) 

𝑇𝑜𝑡𝑎𝑙 𝑐𝑎𝑟𝑏𝑜𝑛 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛 
𝑘𝑔 𝐶𝑂

𝑘𝑚 × 𝑚
=  

𝑡𝑜𝑡𝑎𝑙 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛

𝑛𝑜. 𝑜𝑓 𝑏𝑜𝑥𝑒𝑠
 

𝑘𝑔𝐶𝑂

𝑘𝑚 × 𝑏𝑜𝑥
 ÷ 𝑡𝑜𝑡𝑎𝑙 𝑚𝑎𝑡𝑒𝑟𝑖𝑎𝑙 𝑝𝑒𝑟 𝑏𝑜𝑥 

 𝑚

𝑏𝑜𝑥
      (9) 

𝑇𝑜𝑡𝑎𝑙 𝑐𝑎𝑟𝑏𝑜𝑛 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛 
𝑘𝑔 𝐶𝑂

𝑚
=  𝑇𝑜𝑡𝑎𝑙 𝑐𝑎𝑟𝑏𝑜𝑛 𝑒𝑚𝑖𝑠𝑠𝑖𝑜𝑛 

𝑘𝑔 𝐶𝑂

𝑘𝑚 × 𝑚
× 𝑡𝑜𝑡𝑎𝑙 𝑑𝑖𝑠𝑡𝑎𝑛𝑐𝑒 (𝑘𝑚)         (10) 

 
Table1 - Living Green Wall material carbon emission calculation 

 
 

Living Green Wall (LGW) Materials 

Components Material 
Weight 
(kg/m2) 

Transportation 
Mean 

Distance 
(km) 

Emission 
Factor(km/m2) 

Carbon 
Emission 

(kgCO2/m2) 

Modules 

Fabric + 
Powder 

Coated Steel 
Strip 

2.4 Ship +Van 

 
1952 by ship 
885 by van 

 

0.075 for ship 
0.002 for van 

147 for ship 
1.77 for van 

Irrigation 
System 

Pipes + Calber 
Tap Timer + 

Drip Line 
0.6 Van 174 0.003 0.52 

Plants 
Selected 
Plants 

8 Van 280 0.009 2.52 

Soil 
Black 

Compost Soil 
18 Van 8.05 0.031 0.25 

Fixtures Screws, etc. 5.57 Van 8.05 0.007 0.06 
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  The coir can reduce the weight of the LGW, hence the carbon emission. The coir density is around 
0.8 g/cm3 (30), and soil is around1.6 g/cm3 (31). A bulk weight of 5 kg of coir gives 70 L of fine 
coconut fiber potting soil (32), this makes its transportation weight low. It will contribute in reducing 
the modules and plants transportation weight and carbon emission. Because the modules were 
designed to hold the BCS which is heavier than the coir. The plant transportation weight and emissions 
will be reduced, by changing the soil to coir in the plant pots. The coir transportation carbon emission 
= 0.002 km/m2 and 0.016 kg CO2/m2, assuming that coir is sourced from the same DIY store.  
  Coir pith proves a greater advantage of allowing good aeration around the roots of plants. It has the 
unique property of retaining water for longer duration of time. This property of the coir pith may 
facilitate the continuous and prolonged availability of water for the plants grown in pots (33). Coir 
can minimize the water consumption in the LGW. As a result, it acts as an ideal potting medium. By 
changing the growing medium weight, the rest of LGW components weight can be changed. 

4. DISCUSSION 
The results of the questionnaire analysis show that CF can be a sustainable alternative to the BCF. 

CF has proved to be a promising growing medium (5). The results of the analysis show that CF can 
be a sustainable alternative to the BCF in LGWs. CF as a growing medium can increase the sound 
absorption by 20 % compared to BCS, due to high porosity of CF. Desk study calculations proved that 
CF can reduce the carbon emission of overall SCM process. The calculations considered the material 
flow from the supplier to the LGW company. On average CF carbon emission of 0.016 kg CO2/m2 and 
BCS carbon emission of 0.25 kg CO2/m2 was achieved. The coconut fiber compared to black soil 
compost can give the LGW company advantages, such as: (a) minimizing the overall LGW material 
weight and load on the buildings due to low bulk weight (b) CF will reduce the water usage in LGW 
system, because it has higher water retention than BCS (c) CF can act as a natural pesticide controller 
(d) CF origins are sustainable as are considered to be a waste/byproduct in the countries of growth (e) 
and lastly can contribute in reducing noise by 20 % in 300 - 5000 Hz frequency range. 

The concept of environmentally friendly, sustainable, recycled, and green building materials is 
currently an important feature in the marketing of sound-absorbing materials. These new directions 
will hopefully encourage the use of cheap renewable natural materials.  
  CF has proved to be a promising growing medium with higher and improved crop quality (34, 35). 
It offers a high moisture to air retention capacity, which enables easy growth and well spread root 
system. Some plants may need adding nutrients to the CF, it depends on the nutrients that is required 
for each plant type.  
  Finally, CF average retail cost is £ 150 per ton (36) and the soil average retail cost is £82.99 per 
ton (37), where 1 ton of dried compacted CF can expand to 10 tons of growth medium by exposing to 
air and adding minimal water. This is due to the CF structure phenomenon, it comprises of thin hollow 
shells or tubes, that allow the CF to absorb ten times of its own weight in water.  

5. CONCLUSIONS 
Living Green Walls is considered as a natural solution to control the sound pollution in urban areas. 

The LGW sound absorption capability can be maximized by 20 % using CF that showed higher sound 
absorption over the current used growing medium (BCS). CF yields higher and improved crop quality 
and offers a high moisture and air retention capacity, which enables easy growth and well spread root 
system.  
  Coconut fiber can reduce the carbon emission and lower the LGW cost, which in turn improves the 
sustainability of LGW. CF will also reduce the amount of energy (water and possibility the electricity) 
used to maintain LGWs. It should be noted that the study only considered the material flow from the 
supplier to LGW companies. Further detailed study can be performed to include the energy 
consumption at all stages: from production to installation. 
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ABSTRACT 
In this study, we investigated changes in the point of subjective simultaneity (PSS) between auditory and 
visual stimuli by changes in ambient illumination. The test stimuli were a pure tone sound of 1000 Hz at 80 
dB SPL and white light of LED at 21.9 cd/m². The illuminance levels at around the light source and at the 
subject’s eyes were adjusted at the following 4 conditions; (100 lx, 100 lx), (100 lx, 1000 lx), (1000 lx, 100 
lx), and (1000 lx, 1000 lx). Nine people in their early 20’s participated in the experiments. Synchronized 
sound-light stimuli, which were the same as the test stimuli, were presented as the preceding stimuli, 
followed by the test stimuli at an interval 1000 ms. The test stimuli had a stimulus onset asynchrony (SOA) of 
0, ±20, ±40, ±80, or ±160 ms. After each presentation of the test stimuli, we asked subjects to answer which 
of the stimuli ––– sound or light ––– they perceived first. Then we evaluated the PSS of the test stimuli and 
considered the influence of ambient illuminance on the PSS. As a result, the PSS shifted toward positive 
direction. We showed that the PSS shift depended by changes in ambient illumination. 
 
Keywords: PSS (point of subjective simultaneity), ambient illuminance, SOA (stimulus onset asynchrony) 

1. INTRODUCTION 
There are many researches have been conducted on the simultaneity between auditory and visual 

information (1, 10). We also have been studying the simultaneity of a paired auditory and visual 
stimulus (11, 16), and we showed that the point of subjective simultaneity (PSS) between an auditory 
and visual stimulus shifted depending on the illuminance level at the subject’s eyes in the previous 
paper (16). 

The present paper investigates changes in the PSS between an auditory and visual stimulus 
depending on the ambient illuminance, where the illuminance level changes not only at the subject ’s 
eyes but also at around the light source. 

2. Experiment 
We investigated the perception of simultaneity between an auditory and visual stimulus when 

ambient illumination changed. 

2.1 Stimuli 
We used a pure tone of 1000 Hz at 80 dB SPL (sound pressure level) and a while LED light with a 

luminance of 21.9 cd/m². Both stimuli had a duration of 10 ms. The auditory stimulus had a liner 
fade-in and fade-out of 2.5 ms to reduce transient responses.  

2.2 Apparatus 
We carried out the experiments in a soundproof room (D-30; Fig. 1). We generated sound and light 

stimuli using a stimulus generator (S-15137, Takei Scientific Instruments) controlled by a computer. 

                                                        
1 mt186524@cc.utsunomiya-u.ac.jp 
2 mariko@is.utsunomiya-u.ac.jp 
3 hasegawa@is.utsunomiya-u.ac.jp 
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The sound stimuli with amplification through an amplifier (CR-D2, Onkyo) were presented to the 
subject via headphones (SRH840, Shure), and the light stimuli were presented with a LED 
(LP-10HW3B). The illuminance levels around the light source and at the subject’s eyes were adjusted 
at the following 4 patterns; (100 lx, 100 lx), (100 lx, 1000 lx), (1000 lx, 100 lx), and (1000 lx, 1000 lx) 
using spotlights with dimmers located above the subject’s head and the light source as shown in Fig. 2. 
The subject sat on a chair 2 m in front of the light source. The testing space was closed off with a 
blackout curtain to eliminate all other light. 

 

 
Figure 1 – Experimental apparatus. The sound stimuli were presented via headphone to the subject.  

The light stimuli were presented with a LED. 
 

 
 

Figure 2 – Schematic figure of the experiment. Illuminance levels at around the LED and at the 
subject’s eyes were adjusted using spotlights with dimmers located above the subject’s head and the 

light source.  
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2.3 Procedure  
To control the subject’s attention to the sound and light stimuli, we presented the synchronized 

continual trains of sound and light stimuli before a paired test stimulus as shown in Fig. 3. Twenty 
synchronized sound-light stimuli were presented every 50 ms. Each stimulus was the same as the test 
stimulus. At 1000 ms after the onset of the last preceding stimulus, the sound and light test stimul i 
were then presented at offset (stimulus onset asynchronies: SOAs) of 0, ±20, ±40, ±80, or ±160 ms, 
where positive and negative values indicate that the light and sound stimuli were presented first, 
respectively. We presented the test stimuli with the nine SOAs in random order. After each 
presentation, the subject answered: “The sound was perceived first,” or “The light was perceived 
first.” 

 
Figure 3 – Presentation timing of the paired test stimulus. Twenty preceding synchronized stimuli 

were presented every 50 ms before the test stimuli. At 1000 ms after the last preceding stimulus, the 
sound and light test stimuli were then presented at a SOA of 0, ±20, ±40, ±80, or ±160 ms. 

 
We performed the above test in each ambient illumination condition Ⅰ to Ⅳ(table 1) separately. 
 

Table 1 – Ambient illumination conditions. 

Illumination condition Ⅰ Ⅱ Ⅲ Ⅳ 

Around light source (lx) 100 100 1000 1000 

Subject’s eyes (lx) 100 1000 100 1000 
 

2.4 Subjects and trials 
Seven men and two women in their early 20’s participated in the experiments. All subjects had 

normal hearing acuity and normal or corrected-to-normal vison. We conducted 45 trials (9 SOAs ×   
5 iterations) per session and performed 20 sessions in each illumination condition Ⅰ to Ⅳ, in which the 
presentation order was different in every session. In total, we performed 32,400 trials (45 trials × 20 
sessions × 4 illumination condition × 9 subjects). 

3. Results 
Figures 4 (a) ~ (d) show the experimental results in the illumination conditions Ⅰ to Ⅳ, respectively. 

The vertical and horizontal axes denote the answer rate and the stimulus onset asynchrony (SOA) 
between the sound and light, respectively. The while and dark bars indicate the answer rates “sound 
was perceived first” and “light was perceived first,” respectively. 

In all the figures, the perception of sound precedence decreased and that of light precedence 
increased as the SOA increased. At a SOA of 0 ms, the perception of the sound precedence was 
smaller than that of light precedence in all the conditions. These results  mean that the point of 
subjective simultaneity (PSS) shifted to sound precedence. 
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(a) Illumination condition Ⅰ (around light: 100 lx, subject’s eyes: 100 lx) 

 
 

 

 

 

 

 

 
 

(b) Illumination condition Ⅱ (around light: 100 lx, subject’s eyes: 1000 lx) 
 

 

 

 

 

 

 

 
(c) Illumination condition Ⅲ (around light: 1000 lx, subject’s eyes: 100 lx) 

 

 

 

 

 

 

 
 

(d) Illumination condition Ⅳ (around light: 1000 lx, subject’s eyes: 1000 lx) 
 

Figure 4 – Experimental results in the conditions Ⅰ to Ⅳ. The vertical and horizontal axes 
denote the answer rate and the stimulus onset asynchrony (SOA) between the sound and light, 
respectively. The white and dark bars indicate the perception of sound and light precedence, 

respectively. 
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4. Discussion 
In order to quantitative analyze the experimental results, we fitted a psychometric function (11) to 

the result of each subject in each condition, and obtained the PSS as the 50 % point of the answer rate  
with respect to the SOA. 

Table 2 show the average values of PSS of all subjects in each condition.  
 

Table 2 – Averaged PSS values in each illumination condition. 

Illumination condition Ⅰ Ⅱ Ⅲ Ⅳ 

Around light source (lx) 100 100 1000 1000 

Subject’s eyes (lx) 100 1000 100 1000 

PSS (ms) 71.40 55.45 66.70 43.60 
 
 
In table 2, all the PSS values were negative, i.e., the PSS shifted toward the perception of sound 

precedence. In comparing the PSS values between the conditions Ⅰ and Ⅱ, where the illuminance level 
at around the light source was 100 lx, the PSS shifted toward positive direction by 15.95 ms, i.e., the  
degree of the perception of light precedence increased as the illuminance level at the subject’s eyes 
increased from 100 lx to 1000 lx. This tendency agreed with our previous reports (14, 16), that is, by 
raising illuminance level at the eyes, relative attention to the LED light decreased, and thus attention to 
the sound relatively increased. Paying attention to the sound increased the speed of transmission of 
auditory information, so the sound and light and light were perceived as simultaneous when the light 
was presented earlier. The PSS then shifted toward the perception of light precedence. The same  
tendency was shown in comparing the PSS values between the conditions Ⅲ and Ⅳ. 

On the other hand, in comparing the PSS values between the conditions Ⅰ and Ⅲ, where the 
illuminance level at the subject’s eyes was 100 lx, the PSS shifted toward positive direction by 4.70 ms, 
i.e., the degree of the perception of light precedence increased as the illuminance level at around the  
LED increased from 100 lx to 1000 lx. We here evaluated the Michelson luminance -contrast of the 
LED lights, then the contrast of the LED light decreased as the illuminance level at around the light 
source increased from 100 lx to 1000 lx as shown in Table 3. We considered that by decreasing the 
contrast of the LED light, the visibility of the LED light decreased. The deterioration of th e visibility 
of the LED light caused a decrease of relative attention to the LED, i.e., attention to the sound 
relatively increased. Then the PSS shifted toward the perception of the light precedence. The same 
tendency was shown in comparing the PSS values between the conditions Ⅱ and Ⅳ.  

From the above, we found that the PSS changed not only by changing in the illumination at the 
subject’s eyes, but also by changing in the contrast of the light source.  

 
Table 3 – Michelson luminance-contrast of the LED light. 

Illuminance at around 

 the light source (lx) 

Luminance of 

 the LED Light (cd/m2) 

Luminance of 

the peripheral area (cd/m2) 

Michelson of 

luminance-contrast 

100 21.9 0.33 0.97 

1000 25.0 4.22 0.71 
 

5. CONCLUSIONS 
The point of subjective simultaneity (PSS) between the auditory and visual stimuli shifted toward 

the perception of light precedence as the ambient illumination increased. The PSS shift depended not 
only by changes in the illumination at the subject’s eyes, but also by changes in the contract of the light 
source.  
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ABSTRACT 
Lipnica Murowana is a unique, although a small town in the center of the Małopolska Region. It is known of 
the 15th century St. Leonard wooden church that was entered on the UNESCO World Heritage List in 2003. 
The article shows the activities of THE MULTISENSORY UNESCO project that was aimed at digitalizing 
and sharing the cultural and national heritage of Lipnica Murowana. The paper focuses on acoustical layer 
digitalization. It shows soundscape analysis and recording and the acoustics of the St. Leonard church and 
other interesting historical monuments.  
 
Keywords: soundscape, ambisonics, wooden church, UNESCO 

1. INTRODUCTION 
In our life, not only do we seek a sense of security, but also a sense of belonging, which enables 

us to understand both our own selves and the surrounding reality. This is possible if we reach to the 
past, which surrounds us everywhere. It manifests itself not only through material objects, but also 
through stories, memories, everyday life routines, rituals related to some events. Buildings are durable 
traces of the past, while immaterial resources constitute the binder that fills whole narrative with a 
content and anchors it in the present. 

The sound is not a dominant sense in human perception. Nevertheless, it takes special role in art 
and human esthetics. It is inseparable element of any landscapes or environment and the acoustic 
response characterizes any buildings or interiors.  

As a part of the THE MULTISENSORY UNESCO project (1), the employees of the Department of 
Mechanics and Vibroacoustics at AGH UST in Krakow have registered, recorded and analyzed 
soundscape of Lipnica Murowana together with acoustic measurements in Lipnica’s Churches.   

2. THE MULTISENSORY UNESCO 
Acoustical research and activities shown in current paper were part of complex project THE 

MULTISENSORY UNESCO (1), that was realized by Pełni Kultury foundation (2) in 2017. Within 
the project, among others St. Leonard’s church from the UNESCO site was fully digitalized (Figure 1). 
In 2003, the wooden churches in southern Małopolska were entered on the UNESCO World Heritage 
List. The church of St. Leonard in Lipnica Murowana is among these six sites. The justification says 
that they constitute a unique example of different aspects of the medieval church construction 
traditions in the Roman-Catholic culture. St. Leonard’s church in Lipnica Murowana is one of the 
historical monuments included in the Wooden Architecture Route in Małopolska which connects over 
250 sites. Also, the St. Andrew’s church and St. Simon’s church located in Lipnica were digitalized 
as well. St. Andrew’s church in Lipnica is over 650 years old and was erected by a decree of King 
Casimir III the Great in 1363. The contemporary appearance of the church is the result of multiple 
actions concerning its reconstruction. St. Szymon’s church stands on the site of his former family 
house. It was built in 1636 thanks to the efforts of Stanisław Lubomirski, according to the order of 
King Władysław IV. The church was rebuilt in the 1960s. The pipe organ inside comes from the 19th 
century.  
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The uniqueness of the project goes with sociological, cultural, ethnographical and artistic layers 
digitalization together with traditional material heritage. Within the project, traditions, oral history, 
socio-cultural practices such as customs, rituals, annual ceremonies, knowledge and skills related to 
traditional crafts were digitalized. Therefore, sound and acoustical layer was almost as significant as 
visual part of the project.  

 
Figure 1 – 3D model of St. Leonard church (3) 

 
The project allows free distribution and sharing of its content in open access philosophy. It is 

possible to share, transform and use its results to create any new digital content.  
Among others, advanced 3D models by laser scanning of all three churches together with their 

equipment were executed by 3Deling company (3). Additionally, high resolution photos, orthophotos 
and visualizations of every entry were made.  

3. ACUSTICAL LAYER 
There were several activities according to the sounds and acoustics within the project:  
• acoustical measurements (Figure 2) and analysis of all interiors listed in previous chapter, 

spatial impulse response measurements using 1st order ambisonic microphone Soundfield 
ST350, standard omni-directional sound source, commercial full-range active loudspeaker 
QSC K10 within several locations (Figure 2);  

• soundscape of Lipnica Murowana town and surroundings recordings preceded by 
ethnological surveys and sociological research in order to classify soundscape sound 
futures and role in local society, 

• recordings of unique and local sounds associated with Lipnica Murowana (such as local 
traditional songs, folklore bands and a positive organ); a positive organ is a portable 
instrument. It is very similar to a regal. From the outside, it has the form of a wooden 
coffer or chest, hence its other name: chest or box organ. It contains a keyboard, a system 
of pipes and two bellows. The instrument in the Lipnica church is dated back to the early 
17th century. The positive organ in St. Leonard’s Church in Lipnica Murowana is one of 
seven working instruments of such type in Poland, 
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Figure 2 – St. Leonard church interior during the measurements next to its floor plan with 

microphone and sound source locations 
 

• audio description of the project causes that it is also easily available to people with sight 
disfunctions.  
 

Measurements results together with the impulse response files are freely available on the project 
website (1). Results were prepared in numerical and graphical form for: reverberation time (Figure 3), 
sound clarity for speech and music, spatial and timbre features, speech intelligibility index and other 
standard room acoustic estimators.  

 

 
Figure 3 – Reverberation time of measured churches in Lipnica Murowana 

125 Hz 250 Hz 500 Hz 1000 Hz 2000 Hz 4000 Hz 8000 Hz
St. Andrew’s church 1,96 2,025 2,035 2,03 1,94 1,65 1,15
St. Leonard’s church 0,9 1,06 1,1 1,08 1 0,87 0,66
St. Simon’s church 2,32 1,94 2,01 2,05 1,92 1,59 1,06
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Figure 4 – Reverberation time of measured churches in Lipnica Murowana 
 
On the project website, there is also a set of all impulse responses in several formats and all other 

recorded sounds free to download. As all recordings were conducted using the ambisonic microphone, 
there are following formats available: 

- B-format, 
- stereo, 
- binaural, 
- 5.1, 
- 7.1. 
Together with soundscapes recordings, sound pressure level was measured so this data is available 
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for future use within psychoacoustic test or accurate soundfield playback in laboratory conditions.  
Some of Lipnica Murowana soundscapes were synchronized with photo panoramas. The concept of 
connection of ambisonic sounds with photo panoramas is shown in Figure 4. Sounds are decoded from 
ambisonics to binaural format according to view angle of panorama in real time. In the photo-
panoramas inside rooms there is sound of guide or an instrument convoluted with current spatial 
impulse response.  

4. SUMMARY 
After the success of Lipnica Murowana digitalization, Pełni Kultury foundation continue efforts 

with another Polish UNESCO sites. The project allows an opportunity to learn about the history of 
unique places, but—first of all—the people who inhabit it, their stories, traditions and customs. The 
intensions are to discover this with all senses: to smell the wood of which the oldest buildings here 
are built, admire the colorful flowers that decorate the famous Easter palms in Lipnica, listen to the 
conversations of the locals, or touch the oldest historical monuments. 
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ABSTRACT 
In cities, sound can characterize urban environments just as land-use types and patterns, which can impact 
well-being and health of the population. To identify which criteria are important for health-promoting 
acoustic environments, a two year interdisciplinary MERCUR Research Center Ruhr funded pilot study 
“acouStic quAlity and heaLth in urban enVironmEnts (SALVE) - analysis of the interrelationships between 
soundscapes and health” was launched in October 2018. SALVE aims to establish one of the largest 
multi-seasonal urban sound datasets in Germany by making year-long direct and automated auditory 
measurements. The calculation of a wide array of metrics (WAM) over a large heterogeneous urban area will 
enable analysis of associations to health outcomes from the long-term, population-based Heinz Nixdorf 
Recall study.  
SALVE is a starting point for an innovative approach to understand the associations of acoustic quality on 
urban public health – beyond noise mitigation. We will present methodological aspects of study design, like 
the operation of direct and automated measurement devices in urban environments and spatial 
epidemiological analyses. Furthermore, we will give first results, as well as insights into practical 
experiences of acceptance, data protection and into opportunities as well as pitfalls which arise during a large 
sound data collection and analysis project in urban areas. 
 
Keywords: Sound, acoustic environment, acoustic quality, SALVE, health, pilot study 

1. INTRODUCTION 
Especially in cities, a large part of the population lives in an environment exposed to noise (1). Reducing 

overall noise decibel levels is an important agenda and necessary for public health (2). However, in addition 
to noise mitigation it is also important to consider further aspects below noise thresholds (3). Due to rapid 
urbanization it is expected that urban spaces, such as parks or green areas, will increasingly become scarce 
and the variation of different acoustic environments within the city will fade away (4). This is especially of 
concern, as for example parks are needed for people to withdraw from stress and for recreational use (4,5. 6).  

We urgently need more knowledge on how to better plan and design our cities so that they are worth living 
in and are beneficial for human health. Knowledge on the link between the built environment, acoustic 
quality and health as well as wellbeing is needed. Further research could enable us to understand the factors 
that influence high quality acoustic environments in cities. The quality of sounds in human settlements below 
noise thresholds has hardly been investigated. Additionally, the question arises how acoustic quality is related 
to the urban environment and structure, and what positive and negative health effects can be expected for 
those people living in urban areas. 

SALVE, which is short for “acouStic quAlity and heaLth in urban enVironmEnts” is a two year 
pilot study in the city of Bochum in the Metropolitan Ruhr region in Germany (7). The pilot study was 
launched in October 2018. Our innovative study deals with the investigation of urban acoustic 
environments. By this we mean, the environment that encompasses all natural and man-made sounds. 
We are an interdisciplinary research team of the University Hospital Essen of the University 
Duisburg-Essen and the TU Dortmund University. Supported by the Mercator Research Center Ruhr 
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(MERCUR), we want to jointly research urban acoustic environments.  
The aims of SALVE are to measure spatial-temporal differences in acoustic environments, taking 

into account the built environment, defined as land use types, and temporal changes. Sound metrics as 
used in Soundscape Ecology will be calculated and assigned to specific land use types. 
Spatial-statistical models will be applied to analyze health effects of identified types of acoustic 
environments in urban neighborhoods. Additionally, residents in Bochum will be asked about their 
soundscape perception. As part of the pilot study, knowledge on data protection issues, acceptance and 
feasibility of measurement devices is gathered (7).  

The overall study design is described elsewhere (7). Therefore, here we will present a short 
overview of SALVE. Our widened array of metrics approach (WAM) is described in these proceedings 
(8).  

1.1 Sound Measurements  
For over a year we will measure all sounds at approximately 730 locations in Bochum at different 

times of day, night and year. During the pilot study we carry out two different measurement 
procedures: (i) direct and (ii) automated sound measurements. These measurements started in March 
and May 2019 and will be carried out for 365 days. The measuring locations were selected on the basis 
of different land use types. These include, for example, residential and mixed land use, parks and green 
areas as well as forests. This helps to identify a wide range of acoustic environments, which are typical 
for urban regions in which people live and work. Sound measurements in green spaces will provide an 
understanding of the differences between acoustic quality in built-up areas versus acoustic quality in 
green areas near to or adjacent to built-up areas. 

i. Direct sound measurements 
Our SALVE team using audio equipment (NTi XL2) carries out the direct sound measurements. For 

each location, 5-minute sound measurements are recorded. All measurements are made on weekdays 
between 09:00 and 17:00 hours. Each location is measured once in all four seasons.  

ii. Automated sound measurements 
With our 24 automated recording devices (SM 4 Acoustic recorder), three-minute sound recordings 

are automated every half hour for the duration of one year - independent of day and night times as well 
as working hours and holidays. These devices are temporarily located for 365 days at the same location 
which means approximately nine maintenance days during the year (data and battery check). At each 
of the nine maintenance days we will also make binaural audio recordings for use in soundscape 
perception studies according to ISO 12913-1 and 2 (9).  

1.2 Heinz Nixdorf Recall Study 
Health and social data from the already georeferenced longitudinal Heinz Nixdorf Recall (HNR) 

study will be used, initiated in the year 1999 (10). It is a large epidemiological cohort study conducted 
in the Cities of Bochum, Mülheim/Ruhr and Essen, located in the densely populated Metropolitan 
Ruhr region. The study was designed as an individual based observational study with a sample size of 
4814 men and women, aged 45-74 years. The participants were drawn from the mandatory registries of 
the three cities (10).  

In order to be eligible for the SALVE study, the following inclusion criteria were applied: (i) 
participant in the HNR study in the third follow up (2011-2015), (ii) Participant residing in the city of 
Bochum. For the purpose of the SALVE study, seven health-related variables - mental health, 
neighborhood satisfaction, blood pressure, sleep medication intake, smoking behavior, Body Mass 
Index (BMI) and comorbidity - were obtained from the HNR study. 

1.3 Soundscape Perception 
Soundscape perception analysis will also be conducted to assess the preference of participants for 

measured acoustic environments, recruited as a convenient sample via press and radio. Participants 
rank their perception preferences for different sounds using the software Turning Point.  To ensure 
standardization of the sound perception part of the study, the turning point questionnaire is taken from 
the soundscape method A in ISO 12913-2 (9). Knowledge on identified acoustic environments will be 
used to identify how people experience and perceive these sounds within their environment.  
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2. RESULTS 
In March 2019, we started with our direct sound measurements. Since then, SALVE field members 

have carried out direct sound measurements approximately twice per week. We divided the different 
measurement locations into 35 clusters. These clusters consist of approximately 20 to 32 
measurements points. Specific routes have been created within these clusters with ArcGIS Network 
Analyst to reach the locations as easily and efficiently as possible. As devices are very sensitive to rain, 
days with heavy rainfall had to be postponed to another day. All field days were accomplished in the 
first two months. Overall, our field members walk approximately 12km during these field days. 
Furthermore, they record data on temperature (in Celsius), humidity, air pressure and wind speed.  

In May 2019, we located all 24 automated devices on trees either on public ground (18 devices) or 
in private gardens (6 devices). In order to inform the public that specific recording are in place, we 
created leaflets with all the information as well as worked in close contact with the city of Bochum. In 
order to place such devices, either a consent form (according to newest data protection laws) as well as 
consent from the city was needed. As we are recording audio data in a densely populated area we 
needed to make sure that we inform the population in a correct manner.  

As we recently started recoding sound, we will present further methodological aspects of SALVE 
during the conference. Furthermore, we will give first results, as well as insights into practical 
experiences of acceptance, data protection and into opportunities as well as pitfalls, which arise during 
a large sound data collection and analysis project in urban and densely populated areas. 

3. CONCLUSIONS 
This paper shortly presents SALVE and its novelty (7). A large set of recordings from the urban 

environment with both automated and direct recordings will be collected thus resulting in a large 
sound dataset, which can also be applied for follow up studies. SALVE is a combination of measuring 
the acoustic quality in urban environments and considering people’s perception of these acoustic 
environments, also known as soundscapes (7).  

As this is a pilot study we will be testing possibilities and approaches during different stages of the 
implementation phase. SALVE will give first insights into possibilities that can lead to further research 
projects in urban environments on acoustic quality and health. Overall, the application of sound 
metrics in urban environments will provide a deeper understanding of sound than traditional decibel 
focused metrics used in noise-related studies. In any case, the pilot study will achieve important 
preliminary results that will allow the description of the quality of acoustic environments in a 
comprehensive manner and the investigation of possible implications of urban soundscapes for a 
healthy urban environment.  
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Abstract
Road traffic is the main component of urban noise, considered by the World Health Organization as the third
type of pollution that most affects the population of large urban centers. The auralization technique stands out as
an intuitive tool for assessing environmental noise, but does not yet explore the sound characteristics to provide
an accurate hearing experience. In this context, it is desirable for a database containing vehicle sounds to be
provided to the auralization systems, but these signals must be previously located and isolated from undesirable
sources of noise. This paper presents a performance evaluation and comparison of five direction of arrival (DoA)
algorithms to locate vehicular noise sources. Four of the algorithms are based on estimates of the time difference
of arrival (TDoA), whereas one employs the minimum variance distortionless response (MVDR) beamformer.
The estimated source locations obtained by the five algorithms for data acquired by eleven circularly arranged
microphones are compared with the correct positions of the noise sources.
Keywords: Acoustic virtual reality, vehicular noise, microphone array, time difference of arrival, beam-
forming.

1 INTRODUCTION
Noise pollution causes a strong impact in the health and well-being of city inhabitants and is stated by the
World Health Organisation (WHO) as a public health issue (1). Noise maps and indicators are often employed
for assessment purposes, as they provide an idea of the sound in the mapped location by representing sound
features in a numerical scale. Such simplification helps in establishing a common ground for noise assessment
but lacks in providing a realistic and intuitive sound representation. This problem is aggravated when evaluation
is to be conducted by non-experts such as decision makers, politicians and the general public.
As an alternative, auralization technique produces an audio signal which represents, as accurately as possible, the
hearing experience that a listener would have in the real scene. Auralization systems (2) are able to generate
an audio signal from numerical data which are responsible for describing the whole scene, including source
characteristics, sound propagation, sound reproduction and all the elements involved in these steps. A proper
description influences on whether the generated sound can be distinguished from the real one or not. Therefore,
an auralization system implementation requires a signals and models database to be used as an input.
Road traffic is one of the leading causes of complaint in noise monitoring studies in urban areas (3–6) and it
is generated mainly by vehicles and their components, such as engine, tires and exhaust (7). Each individual
source has its own spectral and directional patterns, which must be modelled in order to be enclosed to the
auralization system database.
The ongoing project "Auralization of Urban Areas" is held in cooperation with the Institute of Technical Acous-
tics from RWTH Aachen University, whose objective is to model vehicular sources inside a simulation tool. At
the first stage, the sources are modelled by acquiring vehicle noise emissions, among other noise sources, with
a microphone array. Then the relevant data is selected by applying signal processing techniques to filter the
recorded signals, both in time and space. However, spatial filtering requires the knowledge of position, or at
least direction, of the desired source. This work focuses in determining the most appropriate method to identify
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direction of arrival for vehicular noise sources.

2 METHODS FOR DIRECTION OF ARRIVAL ESTIMATION
The direction of arrival estimation methods used in this work are described in this section. The algorithms
use two microphone signals in order to estimate the time difference of arrival (TDoA) between signals and
the source direction of arrival (DoA). The two-microphone setup under plane-wave propagation assumption is
sketched in Figure 1, which indicates the geometric relation between TDoA and DoA.

0

Source

vsτ0

d

φ

Figure 1. Two-microphone setup for delay τ0 and direction of arrival φ estimation.

The recorded raw data is fed into the system depicted in Figure 2. Firstly, in pre-processing block, the input
signal length, sample rate and frequency spectrum is adjusted towards enhancing DoA algorithms performance.
This is related to the source bandwidth and aims to avoid undesired noise. Each method provide different
approaches for DoA estimation. Then, a curve fitting algorithm helps to separate multiple sources. Finally, DoA
estimation method is implemented in the last block and the user must decide which among the methods is to
be used in the current estimation.

DoA

DoA Algotihms

Raw Data
Pre-

processing LMS

ITD

GCC

EVD

MVDR

Curve
fitting DoA Estimation

Figure 2. System schematic diagram.

2.1 Generalized Cross-Correlation
The Generalized Cross-Correlation (GCC) (8) method uses correlation function properties and the assumption
that signals arriving in both microphones are identical, except for a time delay, to find a TDoA estimate.
Cross-correlation function provides an idea of similarity between signals as a function of the lag τ applied to
one of them. For two identical signals separated by a time delay τ0, the correlation reaches its peak when
the lag τ equals the real delay τ0. Therefore, a peak detector can be used for delay estimation. Generalized
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cross-correlation function differs from regular cross-correlation due to a factor introduced by previous signal
filtering. This pre-filter helps at sharpening function peaks and consequently favouring their detection and TDoA
estimation.

2.2 Interaural Time Differences
The Interaural Time Differences (ITD) algorithm (9) is inspired by the human auditory system, which is able
to identify time differences between the sound at both ears and use it to locate sound sources. The algorithm
generates a set of all possible delays, limited by the distance between microphones and by the chosen an-
gular discretization for DoA. The delays are applied, in the frequency domain, to the original signals and a
coincidence detector checks which phase difference compensates the real delay τ0.

2.3 Least Mean Square
The Least Mean Square (LMS) algorithm uses adaptive finite impulse response (FIR) filters for TDoA estima-
tion (10). One microphone signal is filtered by an FIR system, which has its coefficients adapted in order to
minimize the least mean square error between the filter output signal and the second microphone signal. After
adaption, the highest valued coefficients index indicate the delay between signals.

2.4 Adaptive Eingenvalue Decomposition
Alternatively, adaptive filters might be used to estimate the impulse response between the source and each mi-
crophone, as in the Adaptive Eingenvalue Decomposition (AEVD) method (11). The eigenvalue decomposition
is performed in the covariance matrix containing space and temporal correlation between the two microphone
signals.

2.5 Minimum Variance Distortionless Response
The Minimum Variance Distortionless Response (MVDR) method is an adaptive beamforming approach which
seeks to minimize the variance of the recorded signal subject to the restriction that the signal is not distorted.
Given that the noise and the desired signal are uncorrelated, the variance of the recorded signal is equal to the
sum of the variances of the desired signal and the noise. Therefore, the MVDR algorithm aims to minimize
this sum, hence mitigating the noise effect (12).

2.6 DoA Esimation Process
In general, the output of the DoA block is not yet a direction of arrival, but a two-dimensional function of
time, t, and of inter-microphone delay, τ , as illustrated in Figure 3a. The function peaks indicate the TDoA
associated with the direction of arrival. The originally proposed DoA estimation methods would simply find the
function maximum value for each time instant t and define the related direction as the DoA estimation. Such
a strategy is sufficient in single-source scenarios, where the desired sound source is isolated or prevails over
others, which is not the case with vehicular noise sources.
Traffic noise emissions are mainly accredited to the vehicle engine, tires and exhaust, and such multiple-source
contribution is visible in the output function of the DoA estimation block, as shown in Figure 3a, where higher
values are indicated in darker colours. Two parallel peak regions are visible in the figure, separated by about
0.19 s. At a 49km/h speed this is equivalent to a distance around 2.5 m, which is similar to the wheelbase of
vehicles. Therefore, combined with literature reports that tire noise predominates over other emitted noises (7),
this coincidence of source separation leads one to assume that the two visible peaks come from the front and
rear wheels of the car.
The curve fitting block is added to the system as an effort to distinguish between multiple emissions. The
two-dimensional function generated by the chosen DoA algorithm is first treated as an image, in which mor-
phological and thresholding operations are applied, resulting in the binary image shown in Figure 3b. From
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(a) DoA algorithm (GCC) block output. (b) Binary image used to fit TDoA curve.

Figure 3. Illustration of the DoA estimation procedure.

such binary image, nonzero data are separated into two vectors, representing the two visually distinguishable
sources. Finally, a curve is fitted to the data in each of the two vectors, using a model derived for the known
TDoA behaviour. Thus, the curve fitting block provides TDoA estimates for two sources in parallel motion.

3 EXPERIMENT
The scenario of the experiment conducted to acquire vehicle noise emissions is illustrated in Figure 4a. It con-
sists in 11 microphones arranged in a 0.25-m-diameter circle that are responsible for recording sound pressure
information. The array configuration is depicted in Figure 4b. Only eleven microphones were used, rather than
twelve equally spaced, due to a limitation in the available signal acquisition module, which only supported
eleven inputs.

x

y

z Microphones

(a) Array positioning towards vehicle path. (b) Microphone position in 0.25-m-
diameter circular array.

Figure 4. Schematic depiction of the experiment.

Four different passenger cars were used in the experiment trials, as detailed in Table 1, as well as three different
drivers. Each trial consisted in one car passing by the microphone array at constant speed of around 30, 50,
60 or 70 km/h or accelerating. The exact speed was measured with a GPS equipped device placed inside the
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vehicle. The accelerating tests aimed to gather information from engine noise emissions, since tire noise pre-
dominance was observed in previous constant speed tests. The experiment took place at the Brazilian National
Institute of Metrology (INMETRO), in a quiet location, resulting in a negligible background noise level.

Table 1. Vehicles used in pass-by tests

Car ID Car Model Transmission
1 Volkswagen Gol 1.0 Manual
2 Jeep Renegade 1.8 Automatic
3 Mitsubishi ASX 2.0 Automatic
4 Hyundai Creta 1.6 Automatic

4 RESULTS
Each DoA algorithm provides a different function as output, which is used for curve fitting and displayed
as background image. GCC block output is the generalized cross-correlation function between microphone
signals, while ITD provides a histogram map summed over frequency and the adaptive methods, LMS and EVD,
return the filter coefficients map. MVDR block output is the cross power spectral density function between the
microphone signals.
Typical outputs of the TDoA estimation algorithms are shown in grayscale on the bottom layer of each image
of Figure 5. The theoretical and estimated TDoA curves are superimposed on these images, with the estimated
curves obtained by the curve fitting algorithm applied to each grayscale image. As the example in Figure 5
suggests, GCC and MVDR were, in general, the most successful methods in providing TDoA curves which
approached the theoretical model and the visible function peaks.
From the estimated TDoA curves, it is possible to obtain the distance between the sources for the instant they
are in front of the microphone array, which is indicative of the distance of the front-rear axle. This value can be
compared to the actual wheelbase as a measure of the performance of the algorithm. The estimated wheelbase
values extracted from the TDoA curves are given in Table 2 for each vehicle, together with the corresponding
actual values. The ITD method was not able to distinguish the two sources and, therefore, the estimated direc-
tion of arrival was almost the same for both sources, resulting in the estimated separation practically equal to
zero observed in the table. A similar behaviour can be observed in the results of the LMS algorithm, where
the estimated values were significantly smaller than the actual ones for the four vehicles. The EVD algorithm,
in addition to presenting unstable and sensitive data behaviour, provided larger distance estimates between noise
sources than expected. The estimates obtained with GCC and MVDR were close to the true wheelbase values
and did not show significant changes in the accuracy for different vehicles.

Table 2. Wheelbase estimated by the distance between fitted curves and real values.

Car ID

1 2 3 4
GCC 2.4 ± 0.84 2.11 ± 1.32 2.79 ± 1.57 2.92 ± 0.91
ITD 0.08 ± 0.1 0.06 ± 0.09 0.07 ± 0.08 0.05 ± 0.07
LMS 0.6 ± 0.18 0.56 ± 0.56 1.39 ± 1 1.02 ± 0.89
EVD 4.41 ± 2.54 9.89 ± 21.69 5.19 ± 3.57 8.02 ± 9.13
MVDR 2.08 ± 0.43 2.19 ± 1.09 2.62 ± 0.61 2.17 ± 0.45
Real 2.47 2.57 2.67 2.59

Table 3 presents the mean absolute error between measured and estimated speeds, chosen as an additional
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(a) GCC (b) ITD

(c) LMS (d) AEVD

(e) MVDR

Figure 5. TDoA estimated (blue) and theoretical model (red) curves for each method, for Car 2 at 51 km/h.
Background grayscale images are the outputs of the TDoA estimation algorithms.

performance comparison criterion. The estimated values were obtained from the curve fitting coefficients. The
GCC method resulted in the smallest errors for all speeds, whereas the ITD provided the largest errors for
the three lower speed ranges and the EVD for the higher speed range. All of the methods presented a better
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performance for lower speeds and achieved the lowest speed estimation errors in the 30 - 40 km/h range.

Table 3. Mean absolute error between measured and estimated speeds and corresponding standard deviations.

Speed (km/h)

30 - 40 40 - 50 50 - 60 60 - 70
GCC 2.17 ± 1.51 3.06 ± 1.69 3.86 ± 1.47 3.74 ± 1.62
ITD 12.62 ± 2.74 16.49 ± 1.34 23.06 ± 8.61 18.88 ± 6.51
LMS 3.05 ± 1.42 4.59 ± 2.32 6.09 ± 0.8 7.67 ± 4.74
EVD 9 ± 6.71 17.26 ± 8.37 17.98 ± 9.43 27.54 ± 20.87
MVDR 9.26 ± 1.9 15.11 ± 1.55 12.79 ± 1.8 14.88 ± 4.1

Building a rich database, containing vehicular sources of multiples types moving at different speeds, requires a
solid performance from our system for all possible scenarios. Therefore, from Tables 2 and 3, GCC and MVDR
methods proved to be suitable choices for DoA estimation of vehicular noise sources.

5 CONCLUSIONS
This work sought a method capable of locating typical noise sources of an urban environment. Five direction of
arrival estimation methods were tested for this purpose. The methods were originally proposed for single-source
speech signal tracking and were modified to fit the urban noise application by identifying multiple sources.
Both the Interaural Time Differences and the Least Mean Square methods were unable to distinguish different
noise sources in a vehicle. The Adaptive Eigenvalue Decomposition algorithm results demonstrated a great
variation in performance for different test conditions. The Generalized Cross-Correlation and the Minimum
Variance Distortionless Response algorithms presented the best performances among the five tested methods for
the chosen evaluation criteria. All methods showed better performances at lower speeds.
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ABSTRACT 
Sound pressure levels (SPL) of air-conditioner noise are decreasing due to the developments of noise control 
techniques. However, people can still feel uncomfortable by certain aspects of the sound quality, even when 
the actual SPL is low. Not only quantity aspects of the noise, such as SPL, but also quality aspects of the noise 
can affect the subjective evaluation of air-conditioner noises in a car. Therefore, both the SPL and the sound 
quality of an air-conditioner noise are important for the user’s acoustic comfort. The aim of this paper is to 
clarify the characteristics of air-conditioner noises in a car and determine the factor that is most influential on 
the subjective responses caused by the noise. Sound quality can be characterized by factors obtained from 
autocorrelation function (ACF) and interaural cross correlation (IACF) of a sound. Subjective loudness and 
annoyance were evaluated using a paired comparison method. Multiple regression analyses were performed 
using linear and nonlinear combinations of SPL, the ACF, and IACF factors, and their standard deviations. 
The subjective loudness and annoyances were formulated by the ACF factors. 
 
Keywords: Road noise, Air-conditioner noise, Sound quality 

1. INTRODUCTION 
Many people spend a lot of time in vehicles; thus, the comfort of a car has become important to 

passengers. Sound environments in cars are becoming quieter because of acoustic insulation and 
absorption, such as in the case of a rubberized road surface (1), and the prevalence of low-noise 
engines, such as hybrid and electric engines (2). Reduction of noise levels heightens awareness of 
sound quality. A bad car interior sound quality can negatively affect passenger psychology and 
physiology (3). Therefore, sound quality is becoming increasingly important as a part of vehicle 
designs. 

Many research papers on booming sound quality in a car have been published (3-8). In addition to 
general interior noise, there are various other types of vehicle noise, such as suspension shock 
absorber rattling noise (3) and heating, ventilation and air conditioning noise (9). People use air 
conditioner most of the time when they drive. Previous studies investigated sound quality of 
air-conditioner noise when the car was idling or stopping (9-11). However, there is little study on 
sound quality of air-conditioner noise when the car was running. 

The aim of this study is to determine the factor that is the most dominant in terms of the subjective 
assessment caused by air-conditioner noises in running cars. The effects of the road noise and 
air-conditioner noises were considered in this study.  

2. METHODS 

2.1 Measurements of noises in running cars 
Two cars were chosen for the measurement. Car A was a sedan while car B was a small car. Noise 

in the running car cabins were recorded by a laptop computer at a sa mpling rate of 48 kHz and a 
sampling resolution of 24 bits via a head and torso simulator (HATS, Type 4128C, Brüel & Kjær) and 
an AD/DA converter (Fireface UCX, RME). The HATS was located on the passenger seat. The effect 
of the air conditioner was investigated by setting the air-conditioning mode to off, weak, and strong. 
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The cars run on a general road at a speed from 0 to 60 kilometers-per-hour and an express way at a 
speed from 70 to 90 kilometers-per-hour. All windows were closed during the measurement. For the 
comparison, noise in an idling state was recorded. The background noise level was measured 
according to the A-weighted equivalent continuous sound pressure level (LAeq) and is summarized in 
Table 1. 
 

Table 1 – Background noise level, LAeq [dB], for each setting 

Setting Air conditioner  

off 

Air conditioner 

weak 

Air conditioner 

strong 

Car A 37.2 46.3 60.6 

Car B 40.5 49.2 60.3 
 

2.2 Analysis of noises in running cars 
The autocorrelation function (ACF) and interaural cross-correlation function (IACF) factors for 

sound quality evaluation have been proposed (12, 13). To calculate the ACF factors, the normalized 
ACF of the signal recorded from microphones, p(t), as a function of the running step, s, is defined by 

( ) = ( ; s, T) = 
),;0(),;0(

),;(
TsTs

Ts , (1) 

where 

   dttptp
T

Ts Ts
Ts )()(

2
1),;( '' . (2) 

where, 2T is the integration interval and p’(t) = p(t)*se(t), where se(t) is the ear sensitivity. In this study, 
p(t) is the signal that was measured using the HATS. se(t) represents the impulse response of an 
A-weighted network, including the transfer functions of the human outer and middle ear, for 
convenience (12, 13). Normalization of the ACF is performed using the geometric mean of the energy 
at s and the energy at s+ ; this ensures that the normalized ACF satisfies the condition 0 ≤ (τ) ≤ 1. 

LAeq is determined based on the A-weighted p(t) signal as a function of s. LAeq is then calculated 
using 

),;0(log10),( TsTsLAeq . (3) 
This means that the ACF includes LAeq as a factor. 

The other ACF factors are calculated from the normalized ACF. 1 and 1 are defined as the time 
delay and the amplitude of the first maximum peak. 1 and 1 are related to the perceived pitch and the 
pitch strength of the complex sounds, respectively (12, 14). Higher values of 1 and 1 indicate that the 
sound has a lower pitch and a stronger pitch, respectively. The other ACF factor, W (0), is defined using 
the delay time interval at a normalized ACF value of 0.5, and represents the width of the first decay. 
W (0) is equivalent to the spectral centroid (13). Higher values of W (0) indicate that the sound includes 
a higher proportion of low frequency components. From the IACF analysis, the interaural 
cross-correlation coefficient (IACC), which is defined as the maximum of the IACF, the delay time at 
the IACC, IACC, and width of the IACC, WIACC, were analyzed. We calculated the ACF and IACF 
factors for the noises as a function of time. The integration interval was 2T = 0.5 s and the running step 
was s = 0.1 s in all calculations. The analyses were conducted using a MATLAB-based program. 

2.3 Subjective assessments 
Subjective loudness and annoyance caused by noises measured in car cabins was evaluated to 

clarify the effects of the ACF and IACF factors on loudness and annoyance. Nine participants took 
part in the experiments. All participants had normal hearing, no history of neurological disease, and 
ranged in age between 20 and 40 years. Informed consent was obtained from each participant after 
the nature of the study had been explained. The study was approved by the ethics committee of the 
National Institute of Advanced Industrial Science and Technology (AIST) of Japan.   
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Figure 1 – Mean values of (a) LAeq, (b) 1, (c) 1, (d) W , (e) IACC, (f) IACC, and (f) WIACC (  standard 

deviations) of noises generated by idling, general road, and express way conditions at air-conditioning 

mode of off, weak, and strong. 
 

Twelve stimuli were selected from the measured noise recorded by the HATS in car cabins 
running on an express way to focus on the air-conditioner noises in running cars. The stimuli were 
presented binaurally through headphones (HD800, Sennheiser). The stimuli were presented 
binaurally at the same LAeq as the actual measured stimuli. LAeq was verified using a dummy head 
microphone (KU100, Neumann) and a sound calibrator (Type 4231, B&K).  
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Scheffe’s paired comparison tests (15) were performed for all combinations of pairs of stimuli, by 
interchanging the order in which the stimuli in each pair were presented in each session and by 
presenting the pairs in random order. The duration of the stimuli was 2.0 s. The rise and fall time s 
were 100 ms, and the silent interval between stimuli was 1.0 s. After the presentation of each pair of 
stimuli, the participants were required to compare the two stimuli in each case based on seven grades 
by considering the differences between the two stimuli. 

The averaged scale values of loudness and annoyance according to each participant were 
calculated based on the modified Scheffe’s method (16). To calculate the effects of each objective 
factor on participant loudness and annoyance, multiple regression analyses were conducted using a 
linear combination of the ACF, IACF factors and their standard deviations (SDs) as predictive 
variables by stepwise procedures. The analyses were carried out using SPSS statistical analysis 
software (SPSS version 22.0, IBM). 

3. RESULTS AND DISCUSSION 

3.1 Analysis of noises in running cars 
Figures 1 (a) to (d) show the ACF factors (LAeq, 1, 1, and W (0)) of the noise that was measured in 

the car cabins in an idling state, during running on general road and express way. The setting of the 
air-conditioning mode was off, weak, or strong. LAeq became larger in the running car. The effect of the 
air-conditioning mode was small in the running car. The 1 value increased with increasing running 
speed, suggesting the effects of engine sounds. The 1 value decreased in the idling state except when 
the air-conditioning mode was off. This indicates the masking effects of the air-conditioner noise on 
the idling sounds. The W (0) value also decreased in the idling state. When the car run on the express 
way, the 1 and W (0) values decreased in comparison to those when the car run on the general road. 
This suggests the effect of the road noise.  

Figures 1 (e) to (g) show the IACF factors (IACC, IACC, and WIACC) of the noise measured in the 
car cabins. IACC became larger in the running car, suggesting the effects of sound sources other than 
the engine and air conditioner. The IACC value show the effects of air-conditioner mode clearly in the 
idling states. However, effects of the air-conditioner noise on the IACC value was little in the running 
car. The WIACC value decreased in the idling state. The WIACC value measured on the general road was 
greater than that measured on the express way. 

3.2 Subjective assessments 
The relationships between the averaged scale value of the loudness, annoyance and each factor are 

presented in Figures 2 and 3. Loudness was found to increase slightly with increasing LAeq and 
decreasing 1. Annoyance was found to increase slightly with decreasing 1. 

A multiple linear regression analysis was performed with the scale values of loudness for all 
participants as the outcome variable. The final version indicated that 1, 1_SD, and LAeq were 
significant factors: 

SVloudness  a1* 1 + a2* 1_SD + a3*LAeq + c. (4) 
The model was statistically significant (p < 0.01) and the modified determination coefficient was 
0.76. The standardized partial regression coefficients of the variables a1, a2, and a3 in Eq. (4) were 
−1.42, −0.96, and 0.38, respectively. The negative coefficients of 1, and 1_SD indicates that the 
weaker and unvaried pitch cause greater loudness. The negative coefficients of 1 is consistent with 
the previous finding of annoyance (10), however, the negative coefficients of 1_SD is inconsistent 
with the previous finding of annoyance (10). The positive coefficient of LAeq indicates that the larger 
LAeq causes greater loudness. 

A multiple linear regression analysis was performed with the scale values of annoyance for all 
participants as the outcome variable. The final version indicated that  LAeq, LAeq_SD, and W (0) were 
significant factors: 

SVannoyance  b1*LAeq + b2*LAeq_SD + b3* W (0) + c. (5) 
The model was statistically significant (p < 0.01) and the modified determination coefficient was 
0.56. The standardized partial regression coefficients of the variables b1, b2, and b3 in Eq. (5) were 
0.50, 0.48, and −0.22, respectively. The positive coefficients of LAeq and LAeq_SD indicates that the 
larger and larger variation of LAeq cause greater annoyance. The negative coefficient of W (0) 
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indicates that the lower frequency components of the noises cause greater annoyance. This is 
consistent with the previous finding (10, 11).  

4. SUMMARY 
This study investigated the dominant factors for the subjective assessments caused by 

air-conditioner noises in running cars. Pitch strength, 1, the variation of the pitch strength, 1, and 
LAeq are dominant factors for subjective loudness. LAeq, the variation of LAeq and spectral centroid, 
which corresponds to W (0), are dominant factors for subjective annoyance.  
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Figure 2 – Relationships between the scale value of loudness and (a) LAeq, (b) 1, (c) 1, (d) W , (e) 

IACC, (f) IACC, and (f) WIACC. Error bars indicate standard deviations.  
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Figure 3 – Relationships between the scale value of annoyance and (a) LAeq, (b) 1, (c) 1, (d) W , 
(e) IACC, (f) IACC, and (f) WIACC. Error bars indicate standard deviations.  

 

6780



 

PROCEEDINGS of the  
23rd International Congress on Acoustics  
 
9 to 13 September 2019 in Aachen, Germany 

 
 

 

Psychoacoustical assessment of thermal impression of automotive 
HVAC noise 

Seiji NAKAGAWA1,2,1,4*; Takuya HOTEHAMA4; Masaru KAMIYA5  
1 Department of Medical Engineering, Graduate School of Science and Engineering, Chiba University 

2 Center for Frontier Medical Engineering, Chiba University 

3 Med-Tech Link Center, Chiba University Hospital 

4 National Institute of Advanced Industrial Science and Technology (AIST) 

5 DENSO Corporation 

ABSTRACT 

Two subjective assessments were performed focusing on the auditory impression of automotive HVAC noise 
concerning coolness and warmness. First, paired comparison tests were carried out under various conditions 
of room temperature. Five stimuli were synthesized by stretching the spectral envelopes of recorded 
automotive HVAC noise to assess the effect of the spectral centroid. Twelve normal-hearing subjects were 
asked to rate the auditory impression of the stimuli for each pair on a seven-point scale according to how 
much the latter is warmer (for the winter tests) or cooler (for the summer tests) than the former. Results show 
that the spectral centroid significantly affects the auditory impression concerning coolness and warmness; a 
higher spectral centroid induces a cooler auditory impression regardless of the room temperature. Second, 
effects of HVAC noises on the subjects’ sensation of coolness and warmness were evaluated by using a 
method of continuous judgment by category. Room temperature were controlled to increase/decrease linearly, 
and HVAC noise, having warm/cool auditory impressions, were presented. Subjects had to answer their 
sensation of coolness/warmness at regular time intervals. The results showed that HVAC noise had significant 
effect on the time change rate of sensation of coolness/warmness. 
Keywords: HVAC noise, auditory impression, warmness/coolness  

1. INTRODUCTION 
Noise is an important factor of the comfort of the interior of the car cabin. In particular, the noise 

associated with a heating, ventilation and air conditioning system (HVAC) has gained importance 
since recent advances in the reduction of engine noise. Much effort has been devoted to reducing 
levels of automotive HVAC noise, however, the reduction of the noise levels beyond a certain level 
sometimes faces with other problems (1). For example, there might be the relative rise of the 
secondary noise sources. In addition, silence sometimes causes a loss of operation feeling - we 
recognize the air-conditioning system doesn't work enough in case it is too quiet, even if it works well 
actually. Therefore, there is a need for a novel method to ‘design’ noises. The present study focuses 
on the thermal impression of sound by designing HVAC noise rather than considering the reduction 
of noise levels. 

 Previous literatures have investigated auditory and thermal cross-modal interactions (2–5). They 
mainly examined the relation between the thermal sensation and noise level, However, the results 
obtained are heterogeneous and sometimes contradictory. Meanwhile, from the point of view of the 
sound design of an HVAC system, few studies have focused on the thermal sensation and frequency 
characteristics of noise. Roussarie et al. (6) found a significant interaction between sound and thermal 
comfort, in that a specific sound significantly enhanced thermal comfort and that some types of noise 
are more suited to air-conditioning systems than others. It was thus concluded that HVAC product 
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engineers have to account for both auditory and thermal perceptions to provide the most comfortable 
thermal condition at home or in a vehicle.  

 The passenger in a vehicle usually obtains information about operating conditions such as the 
air volume from HVAC noise consciously or unconsciously. It is thus considered that there is the 
potential to enhance the effects of cooling and heating employing HVAC sounds that better convey 
cool and warm impressions respectively. In the present study, to clarify the frequency characteristics 
of the vehicle HVAC sound and auditory impression concerning coolness and warmness, listening 
tests were performed using a paired comparison technique under various conditions of room 
temperature. 

2. EXPEIMENTS 

2.1 Stimuli 

 Model sounds synthesized from the recorded noise of an actual vehicle HVAC system were used 
as stimuli. The noise generated by a vehicle HVAC was recorded at approximately the ear position for 
the driver's seat. The HVAC system were set at the maximum air flow and were operated steadily. The 
long-term power spectrum and spectrogram of the recorded HVAC noise are shown in Fig. 1. 

To extract the spectral envelope, the linear predictive coding (LPC) spectral envelope (7) was 
calculated from the recorded HVAC noise. Five model sounds were synthesized by stretching the 
spectral envelope by a factor of 1/2, 2/3, 1, 3/2, and 2 (giving models A, B, C, D, and E, respectively). 
Here, the number of LPC dimensions for abstraction of the spectral envelope was 150. Generally, the 
higher the number of LPC dimensions, the higher fidelity the synthetic sound has relative to the 
original sound. From the results of preliminary studies, we selected 150 LPC dimensions so as to 
create synthetic sound similar enough to the original sound. 

 Auditory stimuli with stretching spectral envelopes (i.e., models A, B, C, D and E) were obtained 
as follows by (1) generating Gaussian noise with sampling frequencies that were a product of the base 
sampling frequency of 48 kHz and the factor 1/2, 2/3, 1, 3/2, and 2, respectively; (2) passing the 
generated noise through the LPC filter; and (3) resampling the filtered signals at 48 kHz. 

The power spectra of the synthesized HVAC model sounds are shown in Fig. 2. The spectral 
centroids of the synthesized stimuli (A, B, C, D, and E) after the sounds passed through an A-
weighting filter were 1678, 1896, 2146, 2334, and 2512 Hz, respectively, according to the equation 

 

𝑆𝑝𝑒𝑐𝑡𝑟𝑎𝑙 𝐶𝑒𝑛𝑡𝑟𝑜𝑖𝑑  
∑ 𝑘𝑁

𝑘 1 𝑓 𝑘
∑ 𝑓 𝑘𝑁

𝑘 1
 

                                                (1) 
 
where f(k) is the amplitude corresponding to bin k in the spectrum. 

2.2 Methods and Apparatus 

Two listening tests were carried out in a soundproof room, one in the summer (July 15 to 18) and 
one in the winter (February 2 to 6). Twelve subjects participated in each of the summer and winter 
tests; five females and seven males aged between 21 and 24 years (mean age of 21.8 years) in the 
summer experiment and four females and eight males aged between 20 and 23 years (mean age of 

Figure 1 – (A) Long-term power spectrum and (B) spectrogram of the recorded HVAC noise. 
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21.9 years) in the winter test. Six subjects participated in both the summer and winter tests. Table I 
gives the room-temperature conditions used in the experiments. In each experiment, there were three 
sessions with different conditions of the room temperature, and subjects judged the auditory 
impression concerning coolness and warmness in the summer and winter tests for the synthesized 
HVAC model sounds employing the Scheffe’s paired comparison. For the control of the room-
temperature condition, the air conditioning equipment of the soundproof room was used. In both 
summer and winter tests, the sequence of the change in the room temperature was from warm to cold 
for half of the subjects, and from cold to warm for the other half. The ambient dry-bulb temperature 
(Ta, °C), relative humidity (RH, %) and predicted mean vote (PMV) of the soundproof room and 
anterior chamber were measured using a portable amenity meter (AM-101, Kyoto Electronics 
Manufacturing Co. Ltd., Japan). 

 Subjects were instructed to wait approximately 10 minutes before the start of the experiment in 
an anterior chamber where the room temperature was kept constant at about 25 and 22 °C in the 
summer and winter tests, respectively. Furthermore, at the end of each session, subjects were 
instructed to wait approximately 20 minutes in the anterior chamber. Subjects wore their own clothing 
for the experiments, but they were instructed to adjust their clothing so that they were thermally 
comfortable in the anterior chamber. Roughly estimated overall clothing insulation values for the test 
subjects were 0.5 and 1.1 clo for the summer and winter tests, respectively. During the experiments, 
the room temperature was monitored and the temperature change was confirmed to be within 1 °C. 

Subjects were first asked to imagine a scenario: “HVAC noise is heard from the front unit when 
you are driving a vehicle.” Additionally, subjects were instructed to assume a cooling operation in the 
summer experiment and heating operation in the winter experiment. Auditory stimuli were synthesized 
with Matlab (The Mathworks, Inc., MA, USA) and presented diotically through a digital-to-analog 
converter (Audiofire12, Echo Digital Audio Corporation, CA, USA) and headphones (HD650, 
Sennheiser Electronic GmbH & Co. KG, Germany). The intensity of the stimulation was adjusted to 
70 dBA for all auditory stimuli. The duration of each stimulus was 1.0 s. A comparison pair consists 
the auditory impression of the stimuli for each pair on a seven-point scale (−3, −2, −1, 0, 1, 2, 3) 
according to how much the latter is warmer (for the winter tests) or cooler (for the summer tests) than 
the former. Scores of ±3, ±2, ±1 and 0 respectively indicate extreme, moderate, and slight differences 

Figure 2 – Power spectrum of the HVAC model sounds synthesized by stretching the spectral envelope of 
the recorded HVAC noise by a factor of 1/2, 2/3, 1, 3/2, and 2 (referred as models A, B, C, D, and E, 
respectively). G refers to the spectral centroids of the auditory stimuli and GA refers to those after sounds 
passed an A-weighting filter. 

6783



 

 

and no difference. A comparison pair was presented to a subject only once. Each subject judged 20 
pairs (5C2 × 2) in each session, and a total of 60 pairs in three sessions.  

At end of the experiment, the subjects were asked to answer the following simple queries about 
the judgments.  

 
(1) Were you able to judge the auditory stimuli as vehicle HVAC noise? 
(2) Was there any difficulty in judging?  
 (3) Did you apply any conscious criteria in judging? If so, what were the criteria? 
(4) Were you aware that the room temperature affected the thermal impression of the auditory 

stimuli? 

3. RESULTS  
The results obtained in the tests were analyzed employing Scheffe’s paired comparison method 

(Nakaya variation) [8]. Figure 3 shows the subjective scale values of each auditory stimulus on 
yardstick scales as the results of the summer and winter tests. Since the scale value obtained in the 
winter experiment 

 was inverted in terms of the sign, the lower scale values indicate a warmer impression and the 
higher scale values indicate a cooler impression in both summer and winter tests. For all conditions, 
results show that the auditory stimuli were arranged in the order of the spectral centroid: the stimuli 
with a higher spectral centroid gave a cooler auditory impression. The differences in the results for 
stimuli A to E, taken as the largest difference in subjective scale values for all conditions, were larger 
for a high room temperature in both summer and winter tests. 

 The results of an analysis of variance (ANOVA) reveal that the effect of the stimulus (the main 
effect) was significant in both summer and winter tests (summer: F(4,12) = 77.6, p < 0.01; winter: 
F(4,12) = 277.2, p < 0.01). Interaction effects of the stimuli and the room temperature conditions were 
not significant in either the summer or winter test. The combination effect of stimulation was 
significant in the winter test (F(6,12) = 3.25, p < 0.05), while it was not significant in the summer test. 

 Table II gives the subjective scores of the auditory stimuli obtained for the individual subjects in 
the summer and winter tests. In the results of the summer test, the effect of the stimulus was significant 
for 10 subjects of the 12 subjects, and its trend corresponded with the overall results: the auditory 
stimuli with a higher spectral centroid were considered cooler, and those with a lower spectral centroid 
were considered warmer. For one of the remaining two subjects, the effect of the stimulus was not 
significant. For the other subject, the effect of stimulus was significant but the trend was the opposite 
of that for the overall results (in SS9): the auditory stimuli with a higher spectral centroid were 
considered warmer. Meanwhile, in the winter test, the effect of the stimulus was significant for 11 
subjects of the 12 subjects, and its trend corresponded with the overall results. Again, the results for 
one subject show that the effect of the stimulus was significant but the trend was opposite that of the 
overall results (in SW6). This subject was not a participant in the summer test. 

In the questionnaire that was conducted after the experiment, all subjects answered that they 
could accept all the auditory stimuli as vehicle HVAC noise. In addition, most of the subjects whose 
results corresponded with the overall results reported that they consciously judged the stimuli using a 
criterion: they perceived the auditory stimuli having “high-frequency” sound as cool and those having 
“low-frequency” sound as warm. Meanwhile, the subjects whose results opposed the overall results 
also consciously used a judging criterion: the opposite of the general trend mentioned above. In 

Experiment Condition Ta [°C] RH [%] PMV 

 hot2 31 62 2.1 

Summer hot1 28 61 1.1 

 even 25 59 0 

 even 22 62 -0.3 

Winter cool1 19 61 -1 

 cool2 16 59 -1.7 

Table 1 – Room-temperature conditions 
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addition, some subjects made their judgment according to scenes recalled by the auditory stimuli (e.g., 
a low-frequency stimulus recalled a fireplace, and a high-frequency stimulus recalled a cold wind). 
Furthermore, although the stimulus intensity was set to 70 dBA for all stimuli, there were some 
subjects who answered that a difference in stimulus intensity was a judging criterion. Most subjects 
answered that they were unaware that the room temperature affected the thermal impression of the 
stimuli, while some subjects answered that the auditory impressions were enhanced when the room 
temperature was lower/higher. 

4. DISCUSSIONS 
The results of the present study reveal that the spectral centroid significantly affects the auditory 

impression of coolness and warmness; i.e., a higher spectral centroid induces a cooler auditory 
impression regardless of the room temperature. This robust response of the auditory impression of 
coolness and warmness to vehicle HVAC noise having different spectral centroids is similar to the 
thermal impressions induced by “warm” and “cool” colors (see (8) for a comprehensive review). 
However, it is clear that the effect is the opposite for some people: a higher/lower spectral centroid 
induces a warmer/cooler auditory impression. This suggests that the cultural background and 
experience are factors. 

5. CONCLUSIONS 
The results of the study reveal a tendency that the difference in impressions is wider at higher room 

temperature, regardless of the cooling or heating operation. This result suggests that the design of the 
spectral centroid of HVAC noise would be more effective for the cooling operation in summer, 
although there is a need for further investigation. 

ACKNOWLEDGEMENTS 
The authors wish to acknowledge valuable discussions with Dr. Satoshi Inoue, Dr. Masaharu Sakai, 

Dr. Kenji Ishida and Mr. Masashi Watanabe of DENSO Corp. and Dr. Yoshiharu Soeta and Dr. Yosuke 
Okamoto of AIST. 

Figure 3 – Subjective scores of each auditory stimulus on yardstick scales as the result of the Scheffe’s 
paired comparison of the summer and winter tests. 
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Table 2 – Subjective scores of the auditory stimuli obtained for individual subjects 

A B C D E Sα Sα (B) Sγ Y(0.05) Y(0.01)
SS1 -1.00 -0.70 -0.23 0.73 1.20 ** 0.60 0.77
SS2 -0.40 -0.17 -0.07 0.20 0.43 ** 0.63 0.81
SS3 -0.80 -0.73 0.10 0.63 0.80 ** 0.49 0.62
SS4 -0.57 -0.67 0.77 0.27 0.20 ** 1.01 1.30
SS5 -0.73 -0.70 0.07 0.37 1.00 ** 0.59 0.76
SS6 -1.30 -1.03 -0.17 0.97 1.53 ** 0.72 0.92
SS7 -1.47 -0.80 0.10 0.90 1.27 ** 0.69 0.89
SS8 0.07 0.27 -0.03 0.03 -0.33 ** 0.90 1.16
SS9 1.17 0.40 -0.03 -0.53 -1.00 ** 0.62 0.79

SS10 -0.57 -0.37 -0.20 0.67 0.47 ** 0.82 1.05
SS11 -1.10 -0.70 -0.03 0.53 1.30 ** 0.79 1.01
SS12 -0.07 -0.03 -0.60 0.37 0.33 * 0.91 1.17
Sw1 -0.87 -0.80 0.43 0.53 0.70 ** 0.80 1.02
Sw2 -1.43 -0.70 0.27 0.80 1.07 ** * 0.60 0.77
Sw3 -0.87 -0.73 0.23 0.70 0.67 ** 0.61 0.78
Sw4 -1.53 -1.07 0.53 0.90 1.17 ** * 0.44 0.56
Sw5 -0.33 -0.47 -0.10 0.23 0.67 ** 0.80 1.03
Sw6 1.47 0.97 -0.67 -0.87 -0.90 ** 0.71 0.91
Sw7 -0.83 -0.70 0.43 0.57 0.53 ** ** 0.16 0.21
Sw8 -1.20 -0.63 0.43 0.43 0.97 ** 0.68 0.87
Sw9 -0.90 -0.53 0.13 0.50 0.80 ** 0.52 0.67

Sw10 -1.13 -0.40 -0.27 0.53 1.27 ** 0.76 0.97
Sw11 -1.03 -0.70 0.47 0.37 0.90 ** 0.70 0.90
Sw12 -0.70 -0.73 0.07 0.60 0.77 ** 0.33 0.43

Summer

Winter

Subject
Stimuli Significance level Yardstick (Y)

*: 5% significance level; **: 1% significance level
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ABSTRACT 
Vowel devoicing is a phenomenon that is found in many languages including Japanese, Korean and Montreal 
French. The typical case of VD in Japanese is that high vowels /i/ and /u/ are surrounded by voiceless 
obstruents. However, the frequency of occurrence of VD differs depending on consonant types, accent, 
dialects, and so on. Previous physiological studies have shown that VD in Japanese involves both active 
re-organization of the glottal opening pattern during /C̥VC̥/ and passive overlapping of the glottal opening 
gesture for each voiceless consonant. The former is regarded as phonological and the latter, phonetic. This 
paper demonstrates the rich variety of the glottal opening pattern during VD using a high-speed digital movie 
of the laryngeal area and Photoglottography (PGG). This report covers the difference between typical and 
atypical devoicing environments and that between Tokyo and Osaka dialects, as well as the pattern of VD 
before geminates and consecutive devoicing. 
 
Keywords: Vowel devoicing, high-speed digital movie, Photoglottography (PGG), before geminates, 
consecutive devoicing 

1. INTRODUCTION 
Vowel devoicing (VD) is a phenomenon that is found in many languages including Japanese, 

Korean and Montreal French. The general condition of VD in Japanese is that high vowels /i/ and /u/ 
are surrounded by voiceless obstruents. However, the frequency of occurrence of VD differs 
depending on consonant types, accent, dialects, and so on. VD is less frequent 1) when surrounding 
consonants are both fricatives such as /sis/ and /huh/ compared to /sik/ and /hut/; 2) when target vowels 
are accented as /ki’t/ compared to /kit/ (/’/ denotes accent nucleus); 3) in Kyoto or Osaka dialects 
compared to Tokyo (standard) Japanese (1-3).    

Previous physiological studies have shown that VD in Japanese involves both active re-organization of 
the glottal opening pattern during /C̥VC̥/ (4,5) and passive overlapping of the glottal opening gesture for each 
voiceless consonant (6). The former is often regarded as phonological and the latter, phonetic. This paper 
demonstrates a rich variety of the glottal opening pattern during VD using a high-speed digital movie of 
larynx and Photoglottography (PGG). This report covers the difference between stop and fricative 
consonants and that between Tokyo and Osaka dialects, as well as the pattern of consecutive devoicing, VD 
before geminate consonants. 

In many of the studies of VD, speech waveforms are used to speculate the states of the glottal 
settings, open or closed, as well as the characteristics of vocal fold vibration. However, seemingly 
similar acoustic outcomes can often be produced by different mechanisms in terms of active control at 
the higher level of speech production as well as passive consequences of glottal gesture overlap at the 
lower level of speech production (6). This paper gives evidence about the correspondence between 
acoustic signals and actual states of the glottis, with special reference to the vocal fold’s vibration 
during vowels.  

 

                                                        
1 m.fujimoto5@kurenai.waseda.jp 
2 funatsu@pu-hiroshima.ac.jp 
3 ifujimot@ms.takushoku-u.ac.jp 
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2. Method 

2.1 Speakers 
Four speakers of Japanese (three males, one female) between 32 to 53 (av. 39) years old served as 

subjects. In the present paper, they are referred to TM, TF, OM and OF, where M and F stand for male 
and female, with T and O, for Tokyo (Standard Japanese) and Osaka dialect, respectively.  

2.2 Test Words 
Test words were selected to fit the necessity of several studies. The test word sets and break down 

lists for recordings differ among subjects. Ten words were selected for the analysis of the present study, 
as shown in Table 1. Two tokens were recorded for each word. All words are non-words: either 
three-mora without geminates or four-mora with geminates. Vowels /i/ and /e/ were used in this study, 
since the epiglottis does not tilt backwards for their production, which disturbs the glottal view.    

 
Table 1 – Test words in the present study. ‘St,’ ‘Fr,’ ‘C̥,’ ‘QC̥,’ and ‘Vnh’ stand for stops, fricatives, voiceless 

consonants, voiceless geminate consonants and non-high vowels, respectively.  

devoicing condition consonantal condition words 

Typical St-St, Af-Af, Af-St /ekiki/ [ekiki], /etiti/ [eʨiʨi], /etite/ [eʨite]  

Atypical Fr-Fr /esisi/ [eɕiɕi], /esise/ [eɕise] 

Before geminate C-QC /ekkiki/ [ekkiki], /ettiti/ [etʨiʨi], /essisi/ [eɕɕiɕi] 

Consecutive devoicing St-St-St /tititi/ [ʨiʨiʨi] 

Non-high vowel C-Vnh-C /ekeke/ [ekeke] 

2.3 Data Recordings 
Simultaneously with the speech sound and Photoglottogram (PGG), laryngeal images were 

digitally recorded using a fiberscope though a nostril at the rate of 4500 frames/sec. Speakers read five 
to ten words in a list in isolation during a recording session at their comfortable speech tempo and 
(pitch) accent pattern. Duration of each session was 6 seconds for TM, and 14 seconds for TF, OF and 
OM, depending on the recording equipment used for the experiments. Figure 1 schematically shows 
the setting of the recordings.  

 

 
Figure 1: Block diagram of the experimental setting. 

2.4 Data Analyses 
Glottal images were analyzed using Adobe Photoshop 10. Audio and PGG signals were analyzed 

using the software SONY PCscan Ⅱ and Praat (ver 6.0.29). Vowels were judged as devoiced when the 
audio signal did not show one or more waves which typically correspond to vocal fold vibration. 
Figure 2 shows examples of glottal images on the left, and audio and PGG signals on the right, of 
/ekiki/ uttered by TM.  
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Figure 2 – Left panel shows the glottal image during /etiti / by TM. The vertical line on the acoustic signal 

denotes the timing of glottal images. The right panel shows the acoustic and PGG signal of the same token. 

3. RESULTS 

3.1 Devoicing Rate 
Table 2 shows the devoicing rate of the target vowel /i/ in the test words. The result showed that 1) 

vowel devoicing occurred more frequently for the Tokyo speakers than for the Osaka speakers; 2)  
within the Tokyo speakers, devoicing was consistent in the ‘Typical’ environment but not in the 
‘Atypical’ and or ‘Before geminates’ environments; 3) one token by TM showed ‘Consecutive’ 
devoicing; 4) non-high vowels did not devoice for any of the speakers. Three of the speakers read the 
words with the unaccented LHHH pattern; OF read four mora words with an unaccented pattern and 
three mora words with an accented HLL pattern.  

 
Table 2 – Devoicing rate according to test words and speakers. Numerator of fraction denotes the number of 

devoicings out of the total number, indicated in the denominator.  

devoicing condition test words TM TF OM OF 

Typical 

/ekiki/ 

/etiti/ 

/etite/ 

2/2 

2/2 

2/2 

2/2 

2/2 

2/2 

0/2 

0/2 

2/2 

0/2 

0/2 

2/2 

Atypical 
/esisi/ 

/esise/ 

1/2 

2/2 

0/2 

2/2 

0/2 

0/2 

0/2 

0/2 

Before geminates 

/ekkiki/ 

/ettiti/ 

/essisi/ 

2/2 

2/2 

0/2 

1/2 

0/2 

0/2 

0/2 

0/2 

0/2 

0/2 

0/2 

0/2 

Consecutive devoicing /tititi/ 1/2 0/2 0/2  0/2 

Non-high vowel /ekeke/ 0/2 0/2 0/2 0/2 

3.2 Glottal Images 
3.2.1 Typical Devoicing Environments 

Figure 3 shows a series of the glottal images with the audio signal of /ekiki/ by TF. The degree of 
glottal opening increases during the period of devoiced CVC, reaching a maximum opening after the 
release of /k/ near the devoiced vowel. It then decreases towards /k/ in the third mora. The degree of 
glottal opening during /k/ in the second mora is much larger than that in the third mora. This suggests 
that the glottal opening during the devoiced vowel is positively controlled, probably not due to the 
overlap of two glottal openings for each consonant. 

Figure 4 shows a series of glottal images with the audio signal of /etiti/ by TM. Again, the degree of 
glottal opening increases during the period of devoiced CVC, reaching a maximum opening after the 
release of /t/ near the devoiced vowel and then decreasing towards the /t/ in the second mora. The 
degree of glottal opening during /t/ in the first mora is much larger than that following  the devoiced 
CVC. This suggests that the glottal opening during the devoiced vowel is positively controlled ; it is 
not due to the overlap of two glottal openings for each consonant.  
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Figure 3 – Glottal images during /ekiki/ with devoiced /i/ by TF. The vertical line on the acoustic wave 

denotes the timing of each glottal image. 

 
Figure 4 – Glottal images during /etiti/ with devoiced /i/ by TM.  

 
Figure 5 shows the audio and PGG signal of /ekiki/ by TF and /etiti/ by TM corresponding to Fig 3 

and 4, respectively. The pattern of the glottal opening is a smooth monomodal shape during the 
voiceless CVC with its peak at around the voiceless vowel for both tokens. This confirms the analysis 
of the glottal images mentioned above. 

  
Figure 5 – Audio and PGG signals of /ekiki/ by TF (left) and /etiti/ buy TM (right). The duration of each panel 

is 700 ms.   
 

For Osaka speakers, VD occurred only in /etite/ but not in the other words. For /etite/, two tokens 
were devoiced for both speakers. Figure 6 shows the glottal images with the audio signal of /etite/ by 
OM. The glottal opening is large during the devoiced /tit/, which is similar to the Tokyo speakers, but 
the maximum opening comes earlier at the release of /t/. Figure 7 shows the glottal images with the 
audio signal of /etiti/ by the same speaker. For this test word, /i/ in was not devoiced in both tokens. 
The degree of glottal openings during the /t/s in /etiti/ are much smaller than those of the devoiced /tit/ 
in /etite/ in Fig 6.  

 
Figure 6 – Glottal images during /etite/ with devoiced /i/ by OM.  
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Figure 7 – Glottal images during /etiti/ by OM. /i/ is not devoiced. 

 
Figure 8 compares the audio and PGG signals of /etite/ and /etiti/ by OM. The PGG signal during 

/tit/ is clearly different depending on whether the vowel is voiced or devoiced. The degree of glottal 
opening of /tit/ in /etite/ is large while that of the two /t/s in /etiti/ are small. The pattern of voiceless 
CVC differs from that by Tokyo speakers. Recall that the maximum opening of voiceless CVC by 
Tokyo speakers is around the voiceless vowel. In contrast, the maximum opening of /etite/ occurs at 
the beginning of the frication noise of the first /t/. It then decreases to its lowest degree at the end of the 
devoiced /t/ and keeps the low level of opening during the closure of the second /t/. This pattern can be 
regarded as a merged shape of one big opening for /ti/ and a small opening for /t/. 

  

Figure 8 – PGG and audio signal of /etite/ and /etiti/ by OM. The duration of the panel is 700 ms.  

 
Figure 9 shows the glottal images of two tokens of /etite/ and /etiti/ by OF. Although /i/ in /etite/ 

was devoiced in both tokens, the degree of glottal opening of /tit/ significantly differs between the two, 
one small (leftmost panel) and one large (second panel). The smaller opening is similar to the two /t/s 
in /etiti/ shown in the right two panels. This suggests that the glottal opening is re-organized in the 
second token to produce a voiceless CVC with a large opening, but it is as small as a single /t/ in the 
first token. Figure 10 shows the audio and PGG signals of the same three tokens of Fig 9. The PGG 
pattern corresponds to this analysis.  

 

 
Figure 9 – Glottal images of /etite/ and /etiti/ by OM. Left two panels are images near the timing of the 

devoiced /i/ from two different /etite/ tokens. The right two are at the first and second /t/s in a /etiti/ with 

voiced /i/. 
 

 
Figure 10 – PGG and audio signal of /etite/ and /etiti/ by OF. Left two panels are /etite/ with devoiced /i/ and 

right panel, /etiti/ with voiced /i/. The duration of each panel is 700 ms. 
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3.2.2 Atypical Devoicing Environments 
For the words /esisi/ and /esise/, both with atypical devoicing environments, VD occurred for two 

tokens in /esise/ and one token in /esisi/ by TM, two tokens in /esise/ by TF, but none for OM and OF. 
The results agree with the previous finding that devoicing in atypical devoicing environments is 
non-systematic and less frequent. Figure 11 shows the glottal images during /esise/ by TF. The glottis 
opens widely during the devoiced CVC and maximally in the middle at around the devoiced vowel. 
Figure 12 shows the audio and PGG signals of the same token. The PGG pattern differs from that in a 
typical consonantal environment shown in Fig 5. While the PGG signal of /ekiki/ in Fig 5 shows a 
simple mono-modal pattern, that of /esise/ in Fig 12 resembles a plateau-like shape. This pattern can 
be regarded as a merged shape of two big openings for the first and second /s/s, which results in the 
devoicing of /i/ between them. 
 

 
Figure 11 – Glottal images during /esisi/ by TF. The vertical line on the acoustic signal denotes the timing of 

glottal images. 

 
Figure 12 – PGG and audio signal of /esise/ by TF. The duration of the panel is 700 ms. 

3.2.3 Before geminates 
Figure 13 shows glottal images during /ekkiki/ by TM and figure 14, audio and PGG signals of the 

same token. The glottis opens widely during the devoiced CVCC and maximally at the latter half near 
the frication of the devoiced vowel. Thus, the glottal opening pattern of devoiced CVCC differs from 
that of voiceless CVC in terms of the later timing of the peak opening and its right-skewed shape.  

 

 
Figure 13 –   Glottal images during /ettiti/ by TM. The vertical line on the acoustic wave denotes the timing 

of glottal images. 

 

 
Figure 14 – PGG and audio signal of /ettiti/ by TM. The duration of the panel is 700 ms.  
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3.2.4 Consecutive Devoicing 
   As for the test words /kikiki/ and /tititi/, consecutive devoicing occurred in only one token /tititi/ by 
TM. Figure 15 shows the glottal images of the word where the first and second /i/s were devoiced and 
figure 16, audio and PGG signals of the same token. The glottis opens throughout the voiceless 
CVCVC and most widely during the first voiceless CV (the third panel in Fig. 15). In this respect, in 
terms of the timing of the peak opening, the glottal opening pattern of a devoiced CVCVC differs from 
that of a voiceless CVC in a typical devoicing environment. Namely, while peak opening comes in the 
middle around the devoiced vowel in CVC, it occurs in the first half in a voiceless CVCVC. Due to this 
remarkably large opening, the light passed though the glottis exceeded the limit of the experimental 
setting and the PGG signal was saturated at the first half of the devoiced CVCVC. Nonetheless, it is 
clear that the PGG signal skewed left. It is also noticeable that the shape of the latter half of the PGG 
signal shows a bi-modal pattern, i.e. a small plateau follows after a rapid decrease at the end of the 
CVCV.  

 

Figure 15 – Glottal images during /tititi/ by TM where first and second /i/s were devoiced. The vertical line 

on the acoustic wave denotes the timing of glottal images. 

 

 
Figure 16 – PGG and audio signal of /tititi/ by TM. The duration of the panel is 700 ms.  

 
3.2.5 Non-high Vowel  

The non-high vowel /e/ did not devoice at all regardless of the test word or the speaker. Figure 16 
shows the glottal view during /ekeke/ by OM and Figure 17, audio and PGG signals of /ekeke/ by OF. 
As is clear from the images, glottal opening of /k/ is as small as or even smaller than that of the opening 
phase of a cycle of the vowel /e/, which is clearly indicated in the PGG signal. This means that the 
glottal opening of the word medial /k/ is small.     
 

 
Figure 16 – Glottal images during /ekeke/ by TM vowels /e/s were not devoiced. Vertical line on the acoustic 

wave denotes the timing of glottal images. 
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Figure 17 – PGG and audio signal of /ekeke/ by TM. The duration of the panel is 700 ms. 

4. DISCUSSION 
The present results confirm the dialectal differences as well as the differences in consonantal 

environments with regard to VD rate. As expected, VD was less frequent in the Osaka speakers than 
the Tokyo speakers. Also, VD rate is more frequent in typical consonantal environments. Even though 
VD is very infrequent for the Osaka speakers, it occurred only in typical consonantal environments. 
For the Tokyo speakers, VD occurred in typical devoicing environments regardless of test words, but 
not systematically in atypical environments before geminates and consecutive conditions. VD in 
non-high vowels did not occur at all.  

In typical devoicing environments, glottal opening during devoiced CVC by the Tokyo speakers 
was mono-modal and large without exception. Peak glottal opening during devoiced CVCC was also 
mono-modal and large, although the peak came later than CVC. These results are consistent with 
previous studies. Such VDs are regarded to be controlled electromyographically (4). In contrast, 
glottal opening during a devoiced CVC in atypical environments showed a plateau pattern, and during 
devoiced CVCVCV, a bimodal one. These devoicings by Tokyo speakers may be passively derived.  

For an Osaka speaker, notably small glottal opening corresponded to devoiced CVC in one of the 
tokens. This agrees with the previous result using another Osaka speaker (5). Such VD may not be 
controlled electromyographically and, thus, occurred passively.   

Although the data are limited, the present results demonstrate that the occurrence of VD in Japanese 
is not a simple phonological event with binary choice but embraces a variety of gradual states which 
depend on phonetic realization in each token.  

5. FINAL REMARKS 
By using high-speed movies and PGG, this study shows the rich varieties of glottal opening 

patterns during different segmental conditions. The results shed light on some of the articulatory 
mechanisms and uncover differences in devoicing patterns, found from time to time in Japanese. 
Further study is necessary to clarify the whole mechanism of vowel devoicing. 
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ABSTRACT 
In this study, we aimed to improve emotion recognition performance for spontaneous emotional speech. 
While many studies regarding emotion recognition for acting speech have been conducted, few have 
focused on spontaneous emotional speech because its speech corpora are not well developed. Recently, an 
online gaming voice chat corpus comprising spontaneous emotional utterances was developed. We 
conducted emotion recognition experiments to classify five emotions with this corpus. In our recognition 
system, we used acoustic features standardized in the Interspeech 2009 Emotion Challenge, and a deep 
neural network that exhibited a feed-forward type of architecture as an acoustic model. In the recognition 
experiments, we investigated the amount and quality of training data. Generally, it is necessary to increase 
the amount of training data to improve the recognition performance. However, a mere increase in the 
amount of training data resulted in poor performance in our experiments. The intensity of emotional 
expression is often low in spontaneous emotional speech, while it is high in acting emotional speech. We 
found that it was effective to select utterances with low emotional intensity from the acting speech corpus 
and add them to the training data. 
 
Keywords: Emotion recognition, Emotional speech, Deep learning 

1. INTRODUCTION 
It is important to convey emotions in both human–human and human–machine interactions. 

Conveying emotions is performed by information obtained visually such as facial expression or 
obtained from speech. Emotions as nonverbal information included in speech are mainly represented 
by prosody like strength, pitch, and duration. Automatic emotion recognition by speech has been 
realized using classifiers such as support vector machine (SVM) (1). Currently, the advancement of 
deep learning technology has enabled significant research progress (2,3,4,5).  

Conventionally, acted speeches by professional actors/actresses have been used primarily for 
emotion recognition. In this case, emotional speech data are collected by reading out prepared 
sentences with specified emotions. Using this method, emotional types are not required to be labeled 
by listening to the speech later. Therefore, speech data collection can be performed relatively easily. 
However, the emotion is often expressed more excessively than usual in this method. Furthermore, it 
is thought that acoustic features are different from ordinary emotional speech. Studies based on acted 
emotional speech are considered difficult to apply in the real world. 

Some research groups have conducted studies regarding spontaneous emotional speech (6,7,8). 
However, it is generally difficult to collect a large amount of spontaneous emotional speech. 
Meanwhile, a large amount of data is required to create acoustic models for the recent statistical 
processing or deep learning. The interactive emotional dyadic motion capture database is an example 
of an effort to collect a large amount of spontaneous emotional speech (9). For developing this 
database, scenarios were prepared in advance to convey emotions that are more natural. For example, 
a scenario that induces anger was established to create a situation where the speaker created angry 
speeches. However, the scenario was set in advance, and professional actors/actresses were used to 
convey clear emotional expressions in this case. Therefore, it is thought that this speech corpus is 
different from natural emotion expression. Another example is the online gaming voice chat corpus 
with emotional label (OGVC) (10). OGVC uses game players' speech where they play a massive 
multiplayer online role-playing game (MMOPRG). In an MMOPRG, players play online games 
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while talking with each other. They utter speech containing various emotions by concentrating on the 
game. Speech is uttered by people such as nonprofessional ordinary students. The corpus was 
completed by adding an emotional label to each utterance after collecting the emotional data. 
Because this corpus comprises spontaneous emotional speech uttered by nonprofessional speakers, 
highly accurate emotion recognition is considered difficult to achieve. Studies regarding 
spontaneous emotion recognition are scarce. In this study, we conducted basic studies of spontaneous 
emotion recognition based on a deep neural network using an OGVC. We compared the recognition 
methods, type of training data, and effect of emotion intensity. 

2. EMOTION RECOGNITION METHOD 
Figure 1 shows a block diagram of emotion recognition. First, low-level-descriptor (LLD) features 

as acoustic features are extracted from an input speech. A feature vector for the utterance is obtained 
by calculating various statistics from a time sequence of the LLD features. Emotion estimation is 
performed with a feedforward deep neural network (DNN) or an SVM using these statistics as input 
features. Generally, emotional expressions are classified into two types: using categories such as anger 
or sadness or using coordinates in emotional space with a pleasantness axis and an activation axis. In 
this work, we use the former five-category representation with categories such as “anger,” “joy,” 
“sadness,” “surprise,” and 'neutral'. 

Emotional characteristics appear primarily in prosodic information such as fundamental frequency 
(F0). They are also related to the spectral features. Therefore, features called LLD shown in Table 1 are 
used. In the table, ZCR represents zero-crossing rate, and HNR represents harmonics-to-noise ratio. 
The LLD features are calculated for each frame and are used as a time sequence. Because emotions are 
considered as being expressed in the entire utterance, various statistics are calculated from the LLD 
sequence and are used as acoustic features of the utterance. In this study, we used a 384-dimensional 
feature vector that was standardized in INTERSPEECH 2009 Emotion Challenge, comprising a 
32-dimensional LLD and 12 statistics (32 × 12 = 384). 

We used a feedforward DNN as a classifier based on deep learning. Parameter training was 
performed in two steps: unsupervised pretraining and supervised fine-turning. Pretraining was 
performed to avoid obtaining a local optimal solution and to obtain appropriate initial values. A 
restricted Boltzmann machine was used for the pretraining where unsupervised training was 
performed layer by layer. Fine-turning was performed by a backpropagation algorithm based on the 
stochastic gradient descent method by assigning a correct label for each frame. Cross entropy was 
used as a loss function. In the recognition step, an acoustic likelihood was calculated by scaling 
based on Bayes' rule, shown as follows: 

𝑝𝑝(𝒙𝒙|𝑠𝑠𝑖𝑖) =
𝑝𝑝(𝑠𝑠𝑖𝑖|𝒙𝒙)𝑝𝑝(𝒙𝒙)

𝑝𝑝(𝑠𝑠𝑖𝑖)
, (1) 

where 𝑝𝑝(𝒙𝒙) is the occurrence probability of the input features, 𝑝𝑝(𝑠𝑠𝑖𝑖|𝒙𝒙) is the output of the DNN 
for state 𝑠𝑠𝑖𝑖, and 𝑝𝑝(𝑠𝑠𝑖𝑖) is the state occurrence probability. The likelihood 𝑝𝑝(𝒙𝒙|𝑠𝑠𝑖𝑖) can be obtained at 
every frame, and its total sum for all frames in an utterance is calculated. Finally, the emotion that 
shows the highest value is determined as the recognition result. 
For comparison, we investigated an SVM as a classifier that has been widely used for emotion 
recognition. An SVM can address linear nonseparable data using a kernel function. In this study, 
sequential minimal optimization was used as a training algorithm, and a polynomial kernel was used 
as the kernel function. 
 
 
 

 
 

Figure 1 – Block diagram of emotion recognition system 
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Table 1 – Low-level descriptors (LLDs) and statistics 

LLD (16× 2) Statistics (12) 
(△) ZCR mean, standard deviation 

(△) RMS Energy kurtosis, skewness 
(△) F0 min. and max: value, relative position 

(△) HNR difference between min. and max. 
(△) MFCC (1-12) linear regression: offset, slope, MSE 

 
 

3. EMOTION SPEECH CORPUS 
In this study, we used two emotion speech corpora: OGVC and Japanese Twitter-based emotional 

speech (JTES) for model training. 

3.1 OGVC 
OGVC comprises two types of speeches: spontaneous speech and acted speech. The former 

involves speech recording a conversation while playing an MMOPRG. In the latter, professional 
actors and actresses read aloud the transcripts of 17 dialogues extracted from the gameplay 
conversations. When they read them, the emotion type and intensity are specified. For a spontaneous 
emotion speech, the emotion type of each utterance is determined by the majority of three evaluators. 
The emotional intensity of each utterance is labeled in five levels by 18 evaluators. In our study, the 
average value by all evaluators is determined as the emotional intensity of the utterance. 

3.2 JTES 
In JTES, sentences containing emotional expression words were selected from tweets on Twitter 

by considering phonological and prosodic balance (11). Those sentences were read aloud to convey 
the intended emotion to a robot. The sentences were classified into four emotions (anger, joy, 
sadness, and neutral). The total number of sentences is 200, and the number of speakers is 100. 
Subsequently, the total number of utterances is 20,000. 

4. RESURTS OF EMOTION RECOGNITION 

4.1 Investigation on type of training data 
In general, the emotional intensity of acted speech uttered by professional actors is strong. 

Meanwhile, the intensity of spontaneous emotional speech is low. The difference in emotional 
intensity affects speech signal variously. Hence, it is considered suitable to use acted emotional 
speech as training data for emotion recognition of acted emotional speech. The same applies for 
spontaneous emotional speech. In this section, we investigate the effect of the training data. Table 2 
shows the conditions of the DNN used in these experiments, and Table 3 shows the test and training 
data. We conducted the following five spontaneous emotional speech recognition experiments where 
the type of training data is different: 
ACT Acted speech data are used for model training. Because the types of training and test data are 
different, the recognition performance is expected to be low. 
SPON The model is trained only by spontaneous emotional speech. Evaluation is performed by an 
11-fold cross validation. The number of speakers for spontaneous speech is 11. In this experiment, 
utterances by 10 speakers are used for model training and those by another speaker are used for 
testing. 
SPON + ACT To increase the amount of training data, acted speech data are added to the SPON above. 
SPON + ACT1 The purpose is the same as the above, but the acted speech data to be added are limited 
to emotional intensity level 1 that is the weakest emotional expression. 
SPON + ACT1-2 The acted speech data to be added are limited to intensity levels 1 and 2. 
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Table 2 – Experimental conditions for DNN 

Structure of DNN Pre-training Fine-turning 
Input layer 384 nodes # epoch 5 Initial learning rate 0.008 

Hidden layer 3 layers 
256 nodes 

L2 regularization 
rate 

 
0.002 

# epoch determined by early 
stopping 

Output layer 5 nodes Batch size 100 Batch size 32 
 

Table 3 – Test data and training data 

Test data 

Spontaneous speech (2,438 utterances by 11 speakers) 

Training data 
ACT Acted speech (2,656 utter. by 4 speakers) 

SPON Spontaneous speech uttered by 10 out of 11 speakers 
SPON + ACT SPON + acted speech (1,376 utter) 
SPON + ACT1 SPON + acted speech (intensity 1. 344 utter.) 

SPON + ACT1-2 SPON + acted speech (intensity 1 and 2. 688 utter.) 
 
We conducted recognition experiments to classify five emotions (anger, joy, sadness, surprise, and 

neutral) using the SVM or DNN as a classifier. Figure 2 shows the recognition results. As expected, 
ACT demonstrates the worst result because the training data and test data are mismatched. The 
recognition performance improved in the matched condition (SPON), but simple data growth did not 
obtain good results (SPON+ACT). The best performance was obtained in the SPON+ACT1-2 
condition. The ACT1-2 dataset comprises utterances of low emotional intensity. This implies that the 
training data and test data must match in terms of emotional intensity. Regarding the classifier, the 
DNN performs better than the SVM; however, the difference between the two appears to be slight. 
Table 4 shows the results for each emotion. From the results of the SVM, neutral shows the best 
performance, while the recognition rate is only 13.1% for anger. Hence, the SVM is not suitable as a 
classifier in our experiments. Therefore, we used only the DNN in our subsequent experiments. 

4.2 Investigation on amount of training data 
In speech recognition, hundreds of hours or more of speech data are used for model training. 

Meanwhile, only approximately 20 min of speech data were used in the condition SPON. In this 
section, we describe the expansion of training data amount using JTES. JTES comprises 20,000 
utterances uttered by 100 speakers. Using this corpus, the amount of training data can be expanded 
approximately eight times. JTES does not include utterances belonging to category “surprise.” In the 
following experiments, four-class classification (anger, joy, sadness, and neutral) is conducted. As the 
amount of training data increases, the number of hyperparameters in the models is modified to the 
optimal number. The test data are the same as those in Sect. 4.1. 

 
Figure 2 – Emotion recognition results with various conditions 
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Table 4 – Recognition rate for each emotion [%] 
 anger joy sadness surprise neutral average 

SVM 13.1 48.7 30.0 52.9 59.9 40.9 
DNN 44.3 38.3 43.2 50.4 58.0 46.9 

 
SPON The model is trained only by spontaneous emotional speech in the OGVC. The number of 
hidden layers is four and the number of nodes for each layer is 256. 
SPON + JTES To increase the amount of training data, speech data in JTES are added to the SPON 
above. The number of hidden layers is three and the number of nodes for each layer is 1024.  

The recognition rate for SPON is 42.2%, while that for SPON+JTES is 41.3%. The recognition 
performance slightly decreased despite a significant increase in the data amount. In JTES, an 
utterance is recorded by reading the transcript aloud. Therefore, the emotional intensity may be 
stronger than that in SPON. The mismatch in intensity is considered to be caused by performance 
degradation. The emotional labels of the evaluation data are determined by the majority of three 
persons. In the SPON data, the percentage of data for which two or three evaluators agree on an 
emotion label is 77.7% and 22.3%, respectively. Table 5 shows the recognition rate for various labels. 
Comparing the two cases, SPON+JTES shows better results in the case of labels agreed by three. 
This suggests that the use of JTES data is effective when the utterance emotion is clear. 

5. CONCLUSIONS 
In this study, we examined the performance improvement in emotion recognition for spontaneous 

emotional speech. We used the OGVC as the emotional speech corpus for model training and 
evaluation. The OGVC uses a game player’s speech in which they play an MMOPRG with voice chat. 
For emotion recognition, we used the speech features standardized in the Interspeech 2009 Emotion 
Challenge, and the number of dimensions was 384. A DNN was used as an acoustic model that 
exhibited a feed-forward type of architecture. In constructing the acoustic model, we investigated the 
type and amount of training data. In addition, we compared the DNN and SVM as classifiers. The 
results indicated that the DNN performed better in our task. Regarding the training data, the 
recognition performance improved in the matched condition where spontaneous speech data were 
used for model training. However, the amount of spontaneous data was only approximately 20 min. 
In general, hundreds of hours or more of speech data were used for model training in speech 
recognition. Performance improvement was limited with the amount of training data. To increase the 
amount of training data, we attempted to add different types of emotional data to the spontaneous 
emotional data. We found that merely increasing the amount of training data did not contribute to 
performance improvement. Generally, the intensity of spontaneous emotional speech is low. We 
found that the selective use of emotional data with low intensity was effective. 

In this study, we used emotional intensity labels for data selection. However, it was difficult to 
prepare a large amount of intensity-labeled speech data. We plan to develop an automatic intensity 
determination for emotional speech as a feature task. 
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Table 5 – Recognition rate for various labels [%] 
Label Majority 

decision 
Agreed 
by two 

Agreed 
by three 

SPON 42.2 42.0 44.2 
SPON+JTES 41.3 40.3 49.7 
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ABSTRACT    
In neuroscience, speech perturbation experiments are a well-studied and useful mean to assess speech 
pathologies and neuronal integration mechanisms. These experiments often depend on complex signal 
processing technology. In order to enable replication and modification of experiments as well as the 
interpretation of their results, technological details need to be accessible. However, in practice the 
experiment’s actual mechanism often remains hidden in black boxes like digital signal processors or other 
audio equipment. We conducted a study with 20 Parkinson patients, assessing vocal responses to pitch shifted 
AF. While we could replicate earlier experimental findings of Parkinsonian speech pathologies, we 
introduced an open-source and easy-applicable setup for real-time speech perturbation experiments. It runs 
on standard audio interfaces, allows researchers to interactively reprogram the signal flow at runtime and can 
be applied both inside and outside the laboratory. 
 
Keywords: speech perturbation, open-source, neuroscience     

1. INTRODUCTION 
Speech is an essential aspect of everyday life. Consequently, any dysfunction affecting speech 

quality has major social implications for a patient. Therefore, a better understanding of the complex 
mechanisms underlying these dysfunctions is of high interest to the subjects of speech pathology and 
neuroscience (1,2). 

As a complex human behavior, speech requires the fast coordination of various subsystems (3). In 
order to perform this complex task, an elaborate control system is necessary, which continuously 
integrates sensory and motor information (4). The requirements for this control system of speech are 
easily met by healthy individuals. Unsurprisingly, many neurodegenerative diseases like Parkinson’s 
Disease (PD) and Alzheimer’s Disease (AD) show an influence on the sensorimotor integration of 
speech (5,6). Especially, the change of auditory feedback (AF) perception seems to play a major role 
for the altered function of auditory-motor integration (AMI) mechanisms (1).  

To study the role of AMI for speech pathologies, speech-perturbation experiments can be utilized, 
employing online manipulation of AF (6). By introducing frequency changes into AF, 
neurophysiological as well as vocal responses are provoked (5). Whenever the motor cortex sends a 
speech command and an efference copy, the auditory and sensorimotor systems feed back information 
about the speech performance to the brain. The actual performance is then compared to the motor 
prediction coded by the efference copy and vocal output is adjusted accordingly (7). AD and PD 
patients notably compensate much stronger to altered AF than healthy individuals in these kinds of 
experiments (1). 

Another typical observation among PD patients lies in the wider pitch variability in vowel 

                                                        
* bahne.bahners@gmail.com 

6801



 

 

vocalizations. Interestingly, this pitch variability turned out to be positively correlated with the 
stronger compensations (i.e. pitch response magnitudes) to AF, mentioned above (1). Several methods 
for online speech-perturbation have been applied in this field (1,2,8). However, the actual underlying 
acoustic mechanisms of signal manipulation are difficult to report, as signal processing is hidden 
inside digital signal processors (DSP) or other audio equipment.  

Also, reproductivity is limited due to the fact, that most control scripts are custom-made and 
inaccessible. The need for expensive proprietary technology, like specialized DSP is an obstacle to 
experimental practice. 

We therefore aimed at designing a novel method, which is transparent, flexible and reproducible: 
(a) transparent, in the way that its process runs on any standard audio interface, 
(b) flexible, by using live-coding methods that allow the change of both parameters and program 
even during the experiment,  
(c) reproducible, as it is open-source, available online for free and can be installed easily on any  
experimental computer. 

2. METHODS 

2.1 Atomicity, Literacy, Liveness 
For being able to deeply reconfigure the audio processing system at runtime, a flexible and concise 

programming system is required. The SuperCollider programming language (9,10) together with its 
built-in extensions for live coding is a suitable environment for this purpose. It is open source, well 
maintained by a large user community and has been applied in scientific contexts, in particular for 
sonification (11). Its basic architecture combines a high-level interpreted programming language with 
a reliable, low latency signal processing server, which is controlled via the open sound control (OSC) 
protocol. Our design followed the principles of liveness, atomicity, and literacy: 

a) liveness: the development should happen within a system that is always running. For 
reproducibility, the final setup is frozen for the experiment itself. 
b) atomicity: runtime changes to the system remain maximally independent from the rest of the 
system. 
c) literacy: core technology is given in publishable and readable format (12). 
 
The SuperCollider programming language, with the live coding capabilities of its subsystem 

JITLib (13), provides the necessary infrastructure for liveness, atomicity and literacy. Live coding is 
a relatively new programming paradigm, in which programming is an integral part of the runtime of 
a program (14). Rather than already being completed at the time of execution, the primary interface 
with the running process is code. This reduces the need for graphical user interfaces, allows for 
independently and interactively rewriting parts of the program, and simplifies the program text for 
readability (15). Instead of separating development and application steps, the system may thereby be 
left open to the experimenter. 

2.2 The Pitch Shifting Paradigm 
The experiment requires a change in pitch of a voice signal in real-time without simultaneously 

changing the intraspectral relations. Not changing these relations reduces the number of potential error 
sources and maintains the patient’s recognition of her or his own voice. However, all known pitch 
shifting paradigms manipulate these spectral relations in so far as they maintain a real-time signal. To 
resolve this contradiction, pitch shifting accounts for different kinds of trade-offs. Solutions in the 
frequency domain, like the Phase Vocoder (16), struggle with reconstructing the correct temporal 
relations of partial frequencies in the process of inverse Fourier transform. Solutions in the time 
domain, like Synchronous Overlap and Add (17), have problems with phase continuity when 
reattaching temporal bins. More modern approaches are often blackboxed or depend on powerful 
hardware which can handle the necessary computations in real-time, and they are not designed with 
scientific applications in mind. This interferes with our goal to create a transparent and 
comprehensible system that runs on simple setups. 

The vocalization of a single vowel produces a homogeneous and repetitive signal on a constant 
base frequency. Each pitch shifting episode in our experiment lasted only 200 milliseconds. These 
particular circumstances allowed us to use a technique similar to a tape delay. The signal was recorded 
live into a short buffer. During the pitch shifting episode, its play-back rate was reduced to an 
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appropriate lower rate using cubic interpolation, replacing the live signal by the pitch shifted version. 
At the end of the pitch shifting episode the modified signal was cross-faded back to the live signal 
over a period of 100 milliseconds. 

This simple method is easily replicable in SuperCollider using our provided source code 
(https://github.com/musikinformatik/pspeech), but also reconstructable in other programming 
languages. The open and modular structure of our implementation additionally allows for the 
replacement, fine tuning, and direct comparison of pitch shifting methods at run-time. The system can 
thus fluently adapt to unexpected requirements and new experimental settings. 

 

2.3 Controlling the pitch shifting activation 
Experiments may be tedious for the patients and experimental setups are inherently error prone. 

This means that care should be taken to make the procedure perceptually smooth, reliable, sufficiently 
short, and not overly repetitive. Moreover, to avoid post hoc data cleaning as far as possible, the 
experimental setup should be designed to only collect data when operated correctly. To achieve this, 
we performed a real time analysis of the voice signal for stability of voicing measuring amplitude, 
spectral flatness and autocorrelation (Fig.1), so that the pitch shift is only triggered under the right 
conditions. 

Adequate cross-fading of all parameters avoids noise bursts both in regular work and in 
development. The pitch shifting itself is triggered within a bounded random interval, as to avoid 
habituation and strain. The activation signal is recorded to a sound file just like the voice signals, as 
to keep their relation fully traceable. 
 

Figure 1 – real time voice analysis and pitch shifting procedure 
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2.4 Experiment 
Twenty German speaking PD patients (15 male, 5 female; 62.4 ± 6.7 years) were recruited during 

their annual control visit at the Centre for Movement Disorders and Neuromodulation at the University 
Hospital Düsseldorf. The mean disease duration after appearance of the first movement symptoms 
was 9.6 ± 4.37 years. The patients were implanted with a deep brain stimulation (DBS) system in the 
subthalamic nucleus (STN) 24.9 ± 21.3 months ago and had a significant therapeutic effect regarding 
motor scores of the unified Parkinson’s Disease rating scale (UPDRS) (off stimulation: 27.85± 11.9 
vs. on stimulation: 15.15±6.46, t=6.018, df=19, p<0.001).     

An optical microphone (Sennheiser MO 2000) was installed at a distance of 5 centimeters to the 
patient’s mouth. After the signal was processed on the experimental computer’s built-in audio 
interface (SoundMX integrated Digital HD, Intel Corporation©, 64 bits; 33 MHz), AF was played 
back to the participant through insert earphones (ER-1, Etymotic Research Inc.) via a mixing console 
(Behringer© XENYX 502 PA) with an overall maximum delay of 10 milliseconds. The built-in audio 
interface had a hardware delay of 5.4 milliseconds itself and recordings were sampled at 96kHz. A 
visual presentation with experimental instructions was executed on another computer independent 
from sound-processing (MacBook Pro 2,5 GHz Intel Core i5) and shown to the patients over a rear 
projection system. 

While his or her stimulation had been turned off for at least 30 minutes, the patient was asked to 
vocalize the German vowel “E” [e]. A visible count-down from 3 to 1, lasting approx. 3 seconds, was 
shown on the screen to prepare the patient for the vocalization. Afterwards, a blue circle containing 
the letter “E” appeared, indicating the beginning of the first vocalization period. The circle 
disappeared clockwise within 5.6 seconds. A white screen signified a pause that lasted 5 to 9 seconds, 
including the count-down for the next vocalization period. These pauses between each of the 30 
vocalization periods in total became longer towards the end of the experiment with the goal to prevent 
vocal fatigue. 

During each vocalization period the patient’s voice was pitch shifted downwards 200 cents for 200 
milliseconds 3 to 4 times. In reaction to the artificial pitch change, the patients compensated with a 
pitch change themselves (Fig.2). Pitch shifting happened randomly 500 to 1000 milliseconds after 
speech onset with random inter-stimulus intervals of 700 to 900 milliseconds. We recorded the altered 
as well as the unaltered signals. After each block of 30 vocalizations we played back the altered 

Figure 2 – heard f0 changes and produced compensating f0 responses 
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recording including the pitch shifted sequences to the patient. The time of each pitch shifting onset 
was saved in a separate audio file with amplitude changes from 0 to 1. These time points were used 
to extract the time locked pitch response contours of each trial. 
 

2.5 Analysis 
To analyze vocal compensating responses to AF we extracted the individual pitch contours of every 

subject’s recording in PRAAT (18). The pitch contours were transferred to the cent scale.  
We then extracted the responses time locked to the pitch shifting onset, using f0 values 100 

milliseconds before and 500 milliseconds after the onset. By rejecting trials with negative response 
magnitude values, we assured that only opposing, i.e. compensating responses were considered for 
the response analysis. We calculated the response magnitude by subtracting the mean baseline f0 (100 
milliseconds before pitch shifting onset) from the maximum f0 value in a time window of 100 to 300 
milliseconds after the pitch shifting. We made this calculation for each trial and averaged the response 
magnitudes.  
   The extraction of responses as well as trial sorting and the other calculations including statistics 
were conducted with MATLAB (2018b, MathWorks Inc.). We used a Spearman’s rank-order 
correlation test, due to the fact that the vocal response magnitudes were non-normally distributed 
(Shapiro-Wilk normality test: p<0.05). 

3. RESULTS 
To proof the quality of sound manipulation and validate our experimental setup, we had to show 

that we were able to replicate earlier findings and to provoke actual vocal responses among subjects, 
known to elicit especially strong compensating responses, i.e. Parkinson patients.  

Indeed, PD patients in our study showed relatively strong responses to f0 perturbations. The mean 
f0-response magnitude was 23.91±10.44 cents (standard deviation). These response magnitudes are, 
in fact, similar to the results of equivalent experiments, where e.g. Huang et al. observed a mean 
response magnitude of 24±13 cents in patients with PD, while healthy individuals showed response 
magnitudes of 15±5 cents to a pitch shifting of 200 cents (1). Other studies with the same parameters 
could find response magnitudes for healthy subjects in a similar range (19). 

Earlier findings looked at a specific interaction between pitch responses and pitch variability (1). 
We could find a similarly strong correlation (Fig. 3), which was highly significant (r =0.726, p<0.001). 
 

r=0.726, p<0.001*** 

Figure 3 – f0 response magnitudes correlate with f0 baseline standard deviation 
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4. DISCUSSION 
While some components of every experiment remain black boxed for good reasons, it is important 

to give full access at least to those components which are active part of the current research. Today, 
much signal processing can be done on standard hardware and with high level open source 
programming languages. Instead of relying on opaque devices, our novel experimental setup 
documents the precise conditions under which it was applied. Moreover, due to its modular character, 
it does not only solve one single problem, but serves as a prototype for a whole class of experiments. 
Using this prototype could enable scientists to start projects with low technical and financial barriers.  

Concerning scientific research questions, the setup can easily be used for different types of auditory 
stimulus presentation with low latencies and jitter. All stimulus properties are documented and can be 
adjusted dynamically, which makes it easy to replicate scientific studies. Due to its timing accuracy, 
the setup can serve as a means to study dynamic processes of speech production, rather than only 
simple and repetitive speech stimuli. 

Also, the setup can be installed on any computer using a standard audio interface. Therefore, it can 
also be brought outside the laboratory. Possible applications may lie in point of care testing (POCT) 
in neurological hospitals, where patients could be examined in a bed-side assessment. Audio files of 
speech recordings can be used offline for standard speech diagnostics in PRAAT (18). Using speech 
perturbation in diagnostics might even help to detect speech pathologies with higher sensitivity. 

5. CONCLUSION 
The replication of scientific studies is important to validate previous research. By introducing an 

open-source and easily applicable solution for real-time speech perturbation, we hope to increase 
transparency, flexibility and reproducibility within neuroscientific signal processing. 

Our study showed why and in how far experimental practice may benefit from an inclusion of 
programming into the experimental protocol. Its flexible nature opens up new application possibilities 
concerning speech diagnostics. 
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Detection of anchors’ utterances in broadcast news using 
i-vector-based speaker similarity and temporal information 
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ABSTRACT 
Accurate speech recognition of anchors’ speech in broadcast news programs is essential for indexing tasks 
such as topic extraction, summarization, and so on. Consequently, the number of anchors and all speech 
segments for each anchor are important aspects that must be evaluated correctly. This paper discusses the 
effectiveness of these two items based on speaker similarity using i-vector. In our proposed approach, first, 
each input audio source was segmented into four types of sound: speech, noise, silence, and music. Next, a 
clustering was performed using all speech segments to collect segments from the same speakers. In this 
clustering, cosine similarity from i-vector was used. However, it was difficult to extract sufficient speaker 
characteristics from short utterances. To address this problem, we considered the time intervals between 
successive pairs of speech segments and the existence of background noises, adding to the information 
obtained from i-vector. Among the detected speaker clusters, anchor clusters were obtained based on the 
heuristic that the ratio of the number of speech segments from anchors was much higher than that of other 
speakers. It was experimentally shown that the detection method of anchors’ speech using the proposed 
approach outperformed the method using conventional k-means clustering. 
 
Keywords: Anchor, Speech, I-vector, Clustering 

1. INTRODUCTION 
Today, consumers of multimedia demand increasing access to multimedia out of the wide array of 

available contemporary and archival content. A typical example of such content is broadcast news. 
Accessing this content effectively requires useful descriptions (referred to frequently as metadata), 
which are made based on the verbal information extracted from speech and text data, including 
nonverbal sound and visual information. For the producer, however, creating metadata manually is 
expensive and time-consuming. Automatic speech recognition, speaker detection, and audio source 
detection including voice activity detection, are possible solutions to these problems. With the 
development of machine learning techniques, state-of-the-art technologies in these areas have 
increased recognition and detection performance drastically. Unfortunately, the presence of various 
competing sound sources common to most multimedia content significantly degrades the performance 
of metadata producing algorithms 

Recently, many studies have been conducted on indexing multimedia content for information 
retrieval, focusing on areas such as topic detection and summarization [1-3]. Our paper focuses on the 
efficient indexing of broadcast news using audio information. In broadcast news content, speech 
comes from many sources such as anchors, commentators, interviewers, and interviewees. We focused 
on what anchors said because anchors direct the flow of topics as such include most of the relevant 
keywords for the development of metadata. In our research, we assumed that there was no preexisting 
information regarding the anchors’ acoustic information or the number of anchors, instead relying on 
general assumptions about the timing and environment around their speech. Generally, we expect that 
the proportion of anchors’ speech to the total amount of speech in a broadcast is much higher than any 
other speakers. This allows us to separate their speech from other speakers by performing voice 
activity detection based on the frequency of speech and similarity to other sounds from the speaker. If 
some clusters consist of speech segments which seem to be spoken by the same speaker, and the 
amount of the speech segments is proportionally great, we can assume that a single individual said 
those speech segments and that the speaker is an anchor. Likewise, these patterns of speech can be used 
to identify different anchors within a broadcast.  

I-vector has been widely used for speaker verification and recognition [4, 5]. We have used it in our 
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study to detect and assign speech to individuals. Detection of long segments of speech was 
successfully carried out; however, for shorter segments, the detection rates became lower, because it 
was difficult to extract sufficient speaker characteristics [6-8]. In broadcast news programs, there are 
several phrases, which although are short, vital for indexing. 

To address this problem, we specifically focused on short time intervals between successive 
segments of speech and the lack of background noise and combined these with the information 
acquired from the i-vector. Trained anchors in a studio environment use the cadence of their speech 
and a quiet background to enhance the listening environment for the audience [9]. Through our 
research of Japanese broadcast news, we found that the time between speech segments uttered by the 
same individual is shorter than that between speech segments uttered by two people. If the time 
interval between successive segments of speech is short enough, these are connected into one long 
segment and the i-vector is calculated again using this newly segment of sound. Another way to 
distinguish anchors’ speech is to compare lack of background noise, because they usually speak in a 
studio. If background noise is not detected around the successive segments of speech and the i-vector 
of one segment is similar to that of another segment, these can be added onto the segment of speech 
and the i-vector re-calculated. In this paper, we evaluated the effects of these two methods for 
improving i-vector on short segments of speech during the detection of anchors’ speech segments in 
broadcast news content. 

2. ANCHORS’ SPEECH IN BROADCAST NEWS 

2.1 Manual Tagging for Audio Broadcast News Programs 
We prepared tagged data for five broadcast news programs to evaluate the detection performance of 

anchors’ speech. The length of each program was about 30 min, with either one (Data I) or two (Data 
II-V) anchors. We manually tagged the data by segment according to the four types of sound sources: 
speech, music, noise, and silence segments and determined the beginning and ending times for each 
segment.  

Speech segments consisted of words from anchors, reporters, interviewees, and all other 
transcribable speech. These segments included very short pauses, such as when the speaker took a 
short breath. However, background voices, which were usually picked up from outdoor locations, were 
tagged along with traffic and other general sound sources as noises. We identified individual speakers 
with a numerical tag for each speech segment to compare how well our methods were able to detect 
each anchor’s speech. Jingles were tagged as music. Some tagged segments overlapped, such as an 
interview in a crowd, which would contain both speech and noise. 

2.2 Detection Flow of Anchors’ Speech 
Figure 1 illustrates how we detected anchors’ speech. First, we applied sound source segmentation 

to the evaluation audio data and subsequently extracted speech segments. Then, we performed speech 
clustering by finding the speaker similarities between speech segments to assign speech to individual 
speakers based on how these assignments were clustered. Finally, clusters in which the ratio of 
segments to total speech segments was larger than the predefined thresholds were assigned to the 
anchors. By counting the number of clusters that exceeded the thresholds, we estimated the number of 
anchors. 

The sound source detection procedure detected four types of sound segments: speech, music, noise, 
and silence. We used seven acoustic features: signal energy, pitch frequency, peak-frequency centroid, 
peak-frequency bandwidth, spectral cross-correlation, temporal stability, white-noise similarity, and 
spectral shape [10,11]. In our speech detection procedure, we obtained the detection results for each 
timeframe for the four sound segment types and the likelihood being of each type for each feature 
parameter. The likelihood was calculated using the acoustic Gaussian mixture models (GMMs) of each 
type. The results for each timeframe were smoothed using a longer window to avoid inaccurate 
detection of very short segments. The details of this procedure are described in our reference [11]. 
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Figure 1 – Anchor speech detection procedure 

 

2.3 Speaker Similarity using I-vector 
To correctly assign speech segments to an individual speaker, we needed to exactly capture 

speaker-dependent acoustic features in each segment of speech. To do this, we measured the difference 
in speaker features. We used i-vector to describe speaker characteristics and to measure the speaker 
similarity between two segments of speech by using the cosine similarity between two segments’ 
i-vectors. This measure using i-vector usually achieves good performance for longer segments of 
speech but is inaccurate for shorter ones, as demonstrated in Table 1, which shows the mean value and 
standard deviation of cosine similarity for long speech segments (> 20 s) and short speech segments 
(< 300 ms) using speech data read by 110 speakers in Japanese. Figure 1 also shows the distributions 
of both lengths of speech segment. Importantly, there were few differences in the ratio of short speech 
segments between different speakers and a single speaker. This indicates that information is needed to 
detect the anchors’ short speech segments in addition to the cosine similarity of i-vectors.  

To address this problem, we focused on using the time interval between successive speech segments 
from a single speaker and different speakers. Table 2 shows the mean value and standard deviation for 
two interval lengths in our tagged data. Their distributions are shown in Figure 2. These indicates that 
the interval between successive speech segments from the same speaker is generally shorter compared 
to that between one speaker and the other. In this paper, we experimentally verify the effectiveness of 
utilizing this information. 

Another way in which the issue of i-vector can be solved for short lengths of speech is by using 
background noise. In most cases, anchors work in a silent studio that typically results in low levels 
of background noise. Higher levels of noise most often indicates that the person speaking is not an 
anchor. We experimentally evaluated this method in section 4.  

 

Table 1 – Value of cosine similarity between read speech segments from same/different speakers 

 
Long speech segments (> 20 s) Short speech segments (< 300 ms) 

Same speakers Different speakers Same speakers Different speakers 

Mean 0.91 0.00 0.12 0.03 

S.D. 0.07 0.31 0.33 0.32 
 
 

 

Figure 2 – Cosine similarity distribution for long and short read speech segments 
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Table 2 – Interval between a pair of successive speech segments (in sec) 

Interval Same speakers Different speakers 

Mean 0.68 2.44 

S.D. 1.15 1.0 

 

 

Figure 3 – Interval distributions between successive speech segments from the same speaker vs. different 

speakers in broadcast news 

 

3. DETECTION OF ANCHORS’ SPEECH 

3.1 Detection of Speech from an Individual Speaker based on Speaker Similarity 
After the detection of speech segments in the news content, we gathered speech segments from 

individual speakers based on speaker similarity. One of the most conventional methods to group 
speech is by using k-means clustering based on speaker-dependent characteristics, such as the i-vector. 
As before, we found this method unsuitable due to the several short speech segments in which the 
i-vector did not prove to be good acoustic feature. Instead, we focused on the larger volume of anchor 
speech as compared to other speakers. Our detection approach was to find the speech clusters in which 
speaker characteristics for each speech segment were similar and in which the speech made up a larger 
proportion of the total segments. Our approach to detect speech segment clusters is as follows:  

Step 1: Calculate the i-vector based cosine similarity 𝐷 �𝐼(𝑢𝑖), 𝐼�𝑢𝑗�� between all pairs of all long 
speech segments �𝑢𝑖 ,𝑢𝑗 , 1 ≤ 𝑖, 𝑗 ≤ 𝑁�, where N is the number of the detected speech segments in the 
sound source detection. 
Step 2: Determine the ratio 𝐶(𝑢𝑖) of speaker-similar speech segments for each speech segment 𝑢𝑖. 

The speaker-similar speech segment 𝑢𝑗  were selected as members in the cluster 𝑆(𝑢𝑖) using a 
pre-defined threshold 𝐷𝑇ℎ1: 𝐷 �𝐼(𝑢𝑖), 𝐼�𝑢𝑗�� > 𝐷𝑇ℎ1 , where 𝑢𝑖  is a centroid in the cluster. If the 
ratio 𝐶(𝑢𝑖) is larger than a pre-defined threshold 𝐶𝑇ℎ, the speech segments in this cluster was 
recognized as belonging to an anchor. 
Step 3: Detect short segments of speech 𝑢𝑘 belonging to the cluster 𝑆(𝑢𝑖) if 𝐷�𝐼(𝑢𝑖), 𝐼(𝑢𝑘)� >
𝐷𝑇ℎ2  to compensate for insufficient i-vector for short segments of speech. 𝐷𝑇ℎ2  is also a 
pre-defined threshold that must be larger than 𝐷𝑇ℎ1. 

Steps 2 and 3 were repeated for unselected speech segments for all segments until the ratio of 
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selected speech segments in a cluster in step 2 was less than the pre-defined threshold 𝐶𝑇ℎ. Finally, 
the number of generated clusters was recognized as the number of anchors within the news 
broadcast.   

3.2 Speech Segment Connection for Accurate Detection of Anchors’ Speech 
In this section we develop our baseline method for detecting distinct speech for individual anchors. 

In this baseline, we perform the clustering process for short speech segments as described in step 3, 
however, this process is not sufficient to deal with all short speech segments. As a result, we tried to 
derive more reliable i-vector value by connecting successive segments of speech and building upon the 
algorithm described in section 3.1 using temporal information and background noise information with 
the following three methods: 

Method I (temporal information): If the time interval between successive speech segments is less 
than the pre-defined time-length, and cosine similarity of i-vectors of these segments is also larger 
than the pre-defined threshold, these segments are connected and i-vector is re-obtained using the 
newly combined segment. 
Method II (background noise information): If all neighboring acoustic segments to the successive 

speech segments are silence, as shown in Figure 4, and the cosine similarity of i-vectors of the 
segments is also larger than the pre-defined threshold, these segments are connected and i-vector is 
re-obtained using the combined segment.  

Method III (both types of information): Methods I and II are combined by connecting the pair of 
successive segments if either condition (time interval length or silence) is met.  
 

 
Figure 4– Recalculation of i-vector for successive speech segments in method II 

 

4. Evaluation Experiments 

4.1 Experimental Conditions 
We used five broadcast news programs as described in section 2.1 for evaluation. In this data, 

speech and silence segments accounted for about 60% and 15% of the total audio, respectively. In the 
sound source detection process, the sampling rate of the audio data was 44.1kHz. Every 23 ms, the 
seven acoustic feature parameters in section 2.2 were determined using a 46-ms Hamming window. 
The acoustic GMM with a two-mixture Gaussian distribution was used for each sound source. The 
speech detection performance (F-measure) of this sound source detection process was 89.3%. 

In the speech cluster detection process, acoustic features under 8 kHz were used to capture speaker 
characteristics. I-vector dimensionality was 10, and universal background model (UBM) size was 60. 
The UBM was trained using 50 sentences read by 55 male and 55 female speakers. 

The thresholds (𝐷𝑇ℎ1, 𝐷𝑇ℎ2) for cosine similarity and that for the ratio of the number of speech 
segments 𝐶𝑇ℎ to the overall speech segments was determined experimentally. 

4.2 Detection Performance 
Finally, we conducted detection experiments of anchors’ speech from two points of view: speech 

segment clustering and speech segment connection. Through the lens of speech segment clustering, we 
compared the conventional k-means clustering based on the speaker-similarity between speech 
segments to the proposed clustering method as described in section 3.1. From the perspective of 
speech segment connection, the detection experiment without connecting speech segments (our 
baseline) was compared to methods I,II, and III, which connected speech segments based on the time 
interval, background silence, and both, respectively.  
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Table 3 shows the detection performance of each method. The detection performance (F-measure) 
of the baseline was higher than that of the k-means clustering. This indicates that clustering based on 
the ratio of anchor speech to total speech, grouped by speaker similarity, is more effective. Table 3 also 
shows that the performances of methods I, II, and III were superior to that of the baseline, and method 
I achieved the highest performance. These results show that the connection of speech segments prior to 
the clustering of speech segments, creating longer segments of speech to cluster, making it possible to 
more reliably obtain i-vector and more accurately detect an individual anchors’ speech. It also shows 
that connecting speech segment based on background silence is useful, but not as much when 
connecting speech based solely on time interval between speech segments. 

Every detection method except for k-means clustering correctly identified the number of anchors, 
however more evaluation data is needed to analyze their performance more thoroughly.  

Table 4 shows the detection performance of anchors’ speech for each broadcast analyzed. These 
results indicate that the speech detection and assignment in the case of two simultaneously reporting 
anchors in a broadcast is more difficult than that of one anchor.  

 
Table 3 – Detection performance of anchors’ speech 

Method Recall Precision F-measure 

k-means clustering 0.961 0.495 0.645 

Baseline  0.748 0.670 0.707 

Method I 0.747 0.798 0.765 

Method II 0.737 0.722 0.730 

Method III 0.733 0.776 0.754 
 

 
Table 4 – Detection performance of anchors’ speech for each broadcast 

Evaluation news No. of anchors F-measure 

Data I 1 0.815 

Data II 2 0.722 

Data III 2 0.789 

Data IV 2 0.711 

Data V 2 0.765 
 

5. CONCLUSIONS 
This paper investigated the detection methods for effectively isolating and assigning individual 

news anchor’s speech to automatically index broadcast news programs. In our approach, speech from 
an individual speaker was collected using the cosine similarity of i-vector for each segment of speech. 
News anchor’s speech was separated from the speech of other speakers by establishing that the ratio of 
anchor’s speech to total speech was higher than that for any other speakers. Since using i-vector on 
short speech segments is ineffective due to the lack of sufficient speaker characteristics, we connected 
successive pairs of speech segments into one speech segment. To do this, we used both the time 
intervals between speech segments and the lack of background noises, then added this to the 
information obtained from i-vector. We connected these shorter speech segments prior to clustering 
them to individual anchors to use more reliable i-vector for each segment of speech. The experimental 
results showed that the clustering method which considered the ratio of anchor speech to overall 
speech was effective. We also obtained useful results by connecting speech segments based on the time 
interval between segments. 

Due to the time-consuming nature of this experiment, the quantity of data analyzed was small and 
further research is required to validate our findings. Since the thresholds used in our methods were 
determined experimentally, these may also benefit from refinement with larger data sets. 
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Abstract
This paper considers a binaural hearing assistive device (HAD) equipped with a separate local microphone array
(LMA) for the left and right ear, as well as external microphones (XMs) that may be located within the vicinity of
this HAD. For such a system, a binaural minimum variance distortionless response (BMVDR) beamformer may
be used for noise reduction, and for the preservation of the relevant binaural speech cues, provided that a reliable
estimate of the left and right ear relative transfer function (RTF) vectors pertaining to all the microphones can
be obtained. In this paper, an alternative approach is considered, which makes use of available partial a priori
knowledge of these RTF vectors, i.e., known separate left and right ear RTF vectors for the respective LMAs
on the binaural HAD. The procedure for this approach will be discussed, which requires the estimation of
an appropriate scaling between the left and right ear RTF vectors, and the missing part of these RTF vectors
pertaining to the XMs. An experiment involving a dummy head, two behind-the-ear dummy hearing aids, and
XMs is also performed in order to evaluate the benefit of the proposed approach.
Keywords: Binaural MVDR, External Microphones, Hearing Assistive Device

1 INTRODUCTION
In noisy environments, speech intelligibility is inevitably degraded for individuals that suffer with a hearing
impairment and hence hearing assistive devices (HADs) such as hearing aids (HAs) or cochlear implants (CIs)
must perform speech enhancement tasks. In addition to the fundamental task of noise reduction, preservation
of the binaural cues, i.e., the interaural time differences (ITDs) and interaural level differences (ILDs) is also
important to maintain the spatial perception of the auditory scene.
For a binaural HAD equipped with a separate local microphone array (LMA) for the left and right ear, and a
communication link between them, the binaural minimum variance distortionless response beamformer (BMVDR)
(1) is known to exhibit substantial noise reduction and to preserve the ITD and ILD of a target speaker1. In
recent work (2, 3), such a binaural HAD has also been supplemented with an external microphone (XM) (e.g.
a wearable microphone or the microphone on a mobile device) and it was demonstrated that the XM could
contribute to additional noise reduction and preserve the relevant binaural cues. For the successful operation of
the BMVDR in this case, an estimate of the entire vector of transfer functions from the target signal at a left
ear reference microphone to all the other microphones, i.e., the left ear relative transfer function (RTF) vector,
and a corresponding right ear RTF vector is required. However, obtaining such estimates becomes increasingly
challenging in adverse acoustic conditions.
Therefore in this paper, generalising the system to include more than one XM, an alternative approach is con-
sidered, which makes use of available partial a priori knowledge of these RTF vectors, i.e., known separate left
and right ear RTF vectors for the respective LMAs on the binaural HAD (4). In such a case, it is only the

1Although, the BMVDR beamformer preserves the binaural cues for the target speaker, it distorts the binaural cues for the noise. However, in
(1), several remedies have been proposed, and hence this work will focus only on the preservation of the binaural cues for the target speaker.
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estimation of an appropriate scaling between the left and right ear RTF vectors, and the missing part of these
RTF vectors pertaining to the XMs that need to be estimated.
The paper is organised as follows. In Section 2, the data model and notation are described. In Section 3, the
state of the art procedure for estimating the entire RTF vector is reviewed. In Section 4, the proposed procedure
that makes use of the partial a priori knowledge of the RTF vector is discussed. In Section 5, the proposed
procedure is evaluated using recorded audio data, and conclusions are drawn in Section 6.

2 DATA MODEL
The scenario as depicted in Figure 1 is considered, in which a user of a binaural HAD is listening to one
target speaker of interest in a noisy, reverberant environment. The binaural HAD consists of an LMA with Ma
microphones for the left ear and an LMA with Ma microphones for the right ear. Additionally, there are Me
XMs randomly placed within the room (Me = 2 in Fig.1). In the short-time Fourier transform (STFT) domain,

ya,L(k,l)
LEFT LMA RIGHT LMA

TARGET 
SPEAKER, s(k,l)

XM, ye,1(k,l)

XM, ye,2(k,l)

ya,R(k,l)

Figure 1. Scenario with a user of a binaural HAD having access to XMs, listening to the target speaker.

the microphone signals at one frequency, k, and one time frame, l, can be stacked into a vector and represented
as follows:

y(k, l) = a(k, l)s(k, l)︸ ︷︷ ︸
x(k,l)

+ n(k, l) =⇒

ya,L(k, l)
ya,R(k, l)
ye(k, l)

=

aa,L(k, l)
aa,R(k, l)
ae(k, l)

s(k, l)+

na,L(k, l)
na,R(k, l)
ne(k, l)

 (1)

where2 aa,L = [aa1,L, aa2,L, . . . aaMa,L]
T , aa,R = [aa1,R, aa2,R, . . . aaMa,R]

T , and ae = [ae1, ae2, . . . aeMe ]
T are the

acoustic transfer functions (ATFs) from the target speaker to the microphones on the left LMA, the right LMA,
and the XMs respectively. Furthermore, s is the target speaker, and na,L, na,R, and ne are the noise contributions
similarly defined as aa,L, aa,R, and ae respectively. Without loss of generality, the first microphone in each of
the LMAs is also chosen as the reference microphone:

ya1,L = eT
Ly = sa1,L +na1,L ya1,R = eT

Ry = sa1,R +na1,R (2)

where sa1,L = aa1,Ls, sa1,R = aa1,Rs, which are the speech components that need to be estimated, and eL and
eR are all-zero vectors except for a one in the left and right LMA reference microphone position respectively.
In order to perform the estimation, it is firstly convenient to re-define eq. (1) in terms of a relative transfer
function (RTF) vector, as opposed to the ATF vector, a. The RTF vector is simply the ATF vector normalised
to a reference microphone. Therefore in the binaural context, a separate RTF vector can be defined for the left
ear and another for the right ear. Hence, eq. (1) can be expressed as follows:

y = hLsa1,L +n y = hRsa1,R +n (3)

2The dependence on (k, l) is dropped for notational convenience.

6816



where hL and hR are the RTF vectors defined as:

hL =
1

aa1,L

aa,L
aa,R
ae

=

 ha,L
ϕ ha,R
he,L

 hR =
1

aa1,R

aa,L
aa,R
ae

=

 1
ϕ

ha,L
ha,R
1
ϕ

he,L

 (4)

where ha,L =
aa,L
aa1,L

and ha,R =
aa,R
aa1,R

are the individual RTF vectors corresponding to each of the left and right

LMAs and the complex scaling, ϕ =
aa1,R
aa1,L

. It should be noted that the part of the RTF vector pertaining to the
XMs in hR is a scaled version of that in hL, where he,L = ae

aa1,L
. In fact, it can be seen that hL = ϕhR, which

means that the RTF vectors are parallel.
The speech-plus-noise spatial correlation matrix, Ryy, the noise-only correlation matrix, Rnn, and the speech-
only correlation matrix, Rxx, all ∈ C(2Ma+Me)×(2Ma+Me), are given respectively as:

Ryy = E{yyH}; Rnn = E{nnH}; Rxx = E{xxH} (5)

where E{.} is the expectation operator, H is the Hermitian transpose, and Rxx is a rank-1 correlation matrix:

Rxx = E{xxH}= σ
2
sa1,L

hLhH
L = σ

2
sa1,R

hRhH
R (6)

where σ2
sa1,L

= E{|sa1,L|2} and σ2
sa1,R

= E{|sa1,R|2} are the speech powers in the reference left and right micro-
phone respectively. It is also assumed that the speech components are uncorrelated with the noise components,
and hence Ryy = Rxx +Rnn. A perfect communication link is additionally assumed among the left and right
LMAs in the binaural HAD, and the XMs, with no bandwidth constraints and synchronous sampling.
The estimate of the speech component in the reference microphone of the left and right LMAs, i.e. the estimate
of sa1,L and sa1,R is then obtained through the linear filtering of the microphone signals, with the complex-valued
filters, wL and wR respectively:

ŝa1,L = wH
L y ŝa1,R = wH

Ry (7)

The BMVDR beamformer filters, wL and wR, are then given by:

wL =
R−1

nn hL

hH
L R−1

nn hL
wR =

R−1
nn hR

hH
R R−1

nn hR
(8)

Consequently, in order to compute these filters, estimates are required for Rnn, and the RTFs, hL, and hR.
Typically, Rnn can be estimated during periods of noise only with recursive averaging (3). Hence this paper
focuses on the estimation of hL and hR.

3 ESTIMATING THE ENTIRE RTF VECTOR
Given R̂yy and R̂nn, which are estimates of Ryy and Rnn respectively, a generalised eigenvalue decomposition
(GEVD) (5) or what is equivalently known as covariance whitening (3) can be used to estimate hL and hR. A
spatial pre-whitening operation can be firstly defined from R̂nn using the Cholesky decomposition:

R̂nn = R̂
1/2

nn R̂
H/2

nn (9)

where R̂
1/2

nn is a lower triangular matrix. Spatial pre-whitening is then performed by pre-multiplying the signal
vector of interest by R̂

−1/2

nn . For an autocorrelation matrix, spatial pre-whitening is performed by pre-multiplying
it by R̂

−1/2

nn and post-multiplying it by R̂
−H/2

nn . Using the definition of Rxx from eq. (6) and that Ryy = Rxx +Rnn,
the following optimisation problem can be considered to estimate hL (and hR by an appropriate scaling):

min
σ2

sa1,L
, hL

||R̂
−1/2

nn ((R̂yy− R̂nn)−σ
2
sa1,L

hLhH
L )R̂

−H/2

nn ||2F (10)
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where ||.||F is the frobenius norm. The solution to eq. (10) then follows from an eigenvalue decomposition
(EVD) of R̂

−1/2

nn R̂yyR̂
−H/2

nn or equivalently, GEVD of the matrix pencil {R̂yy, R̂nn}:

R̂−1
nn R̂yy = UΣΣΣU−1 (11)

where ΣΣΣ is a diagonal matrix of the generalised eigenvalues arranged in descending order, and U is an in-
vertible matrix containing the corresponding generalised eigenvectors. The GEVD is also equivalent to a joint
diagonalisation of R̂yy and R̂nn:

R̂yy = QΣΣΣyQH R̂nn = QΣΣΣnQH (12)

where ΣΣΣy and ΣΣΣn are diagonal matrices, and Q = U−H is an invertible matrix. A rank-1 approximation to
(R̂yy− R̂nn) = Q(ΣΣΣy−ΣΣΣn)QH yields an estimate for Rxx, R̂xx = Qe1 eT

1 (ΣΣΣy−ΣΣΣn)e1 eT
1 QH, where e1 ∈C2Ma+Me

is an all-zero vector except for a one as the first element (and it is noted that e1 = eL). It can be shown (5)
that this corresponds to the rank-1 approximation sought from eq. (10) so that the estimates to hL and hR then
follow as:

ĥL =
Qe1

eT
LQe1

ĥR =
Qe1

eT
RQe1

(13)

Finally, a substitution of R̂nn from eq. (12) and ĥL and ĥR from eq. (13) into eq. (8) results in the correspond-
ing BMVDR filters:

ŵL = Ue1 eT
1 QHeL ŵR = Ue1 eT

1 QHeR (14)

4 USING PARTIAL A PRIORI KNOWLEDGE OF THE RTF VECTOR
As opposed to estimating the entire RTF vectors, hL, and hR, an alternative procedure may be followed if there
is a priori knowledge of the RTF vectors for the separate left and right LMA, i.e., if a suitable approximation
to ha,L and ha,R is available. For instance, such an approximation may be the measured RTF vectors for the
separate left and right LMA in an anechoic room or RTF vectors from an existing binaural noise reduction
system that uses only the LMAs. Denoting this approximation to ha,L and ha,R as h̃a,L and h̃a,R respectively,
and recalling the definitions from eq. (4), an alternative optimisation problem to eq. (10) can be considered:

min
σ2

sa1,L
, ϕ, he,L

||R̂
−1/2

nn ((R̂yy− R̂nn)−σ
2
sa1,L

 h̃a,L
ϕ h̃a,R
he,L

[h̃H
a,L ϕ∗ h̃H

a,R hH
e,L

]
)R̂

−H/2

nn ||2F (15)

where now it is only the scaling, ϕ , and the RTF vector for the XMs, he,L, which need to be found as opposed
to the entire hL as in eq. (10). As will be discussed in the following, the solution can be realised in the block
scheme of Figure 2, which consists of compressing the left and right LMA signals, an orthogonalisation oper-
ation, and finally a GEVD on a lower dimensional (C(Me+2)×(Me+2)) matrix pencil. In order to solve eq. (15),
the following blocking matrices, Ca ∈ C2Ma×(2Ma−2), Ca,L ∈ CMa×(Ma−1), Ca,R ∈ CMa×(Ma−1), fixed beamformers,
Fa ∈ C2Ma×2, fa,L ∈ CMa , fa,R ∈ CMa , and transformation matrix, T ∈ C(2Ma+Me)×(2Ma+Me) are firstly defined:

Ca =

[
Ca,L 0
0 Ca,R

]
CH

a,Lh̃a,L = 0; CH
a,Rh̃a,R = 0

Fa =

[
fa,L 0
0 fa,R

]
fH
a,Lh̃a,L = 1; fH

a,Rh̃a,R = 1
T =

[
Ca Fa 0
0 0 IMe

]
(16)

where IMe ∈ CMe×Me is an identity matrix. The first two blocks in Fig. 2 apply the transformation, TH, to y to
yield a set of blocking matrix signals, CH

a ya ∈ C2Ma−2, two compressed signals, fH
a,Lya,L and fH

a,Rya,R resulting
from the left and right fixed beamformers respectively, and the unaltered set of XM signals, ye. An alternative
spatial pre-whitening operation can then be defined by applying the transformation to R̂nn:

THR̂nnTH = LLH (17)
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ye,1

ye,Me

ga,R

ya,L
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ge

Fa

Ca

,Me

ŵ
L

ŵ
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Speech estimate 
for LEFT ear
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y
L

y
R

ye,1

ye,Me

fHa,Lya,L

fHa,Rya,R

+

- +

-

+

-

+

-

Figure 2. Block scheme for a BMVDR that uses partial a priori knowledge of the RTF vectors.

where L is a lower triangular matrix. It can then be shown (6) that eq. (15) can be equivalently re-written as:

min
σ2

sa1,L
, ϕ, he,L

||L−1TH((R̂yy− R̂nn)−σ
2
sa1,L

 h̃a,L
ϕ h̃a,R
he,L

[h̃H
a,L ϕ∗ h̃H

a,R hH
e,L

]
)T L−H||2F (18)

from which the solution follows eventually from a GEVD of a matrix pencil consisting of the lower di-
mensional C(Me+2)×(Me+2) correlation matrices (6) (7) corresponding to the Me + 2 compressed signals, y =

[y
L

y
R

ye,1 . . .ye,Me]
T ∈ CMe+2. These compressed signals can be computed by performing an orthogonalisation

involving the previously transformed signals, or equivalently, with a GSC beamformer, A:

y = AHy = FH y−GHCH
a ETy (19)

with A=F−ECaG, F∈C(2Ma+Me)×(Me+2) defined as F =

[
Fa 0
0 IMe

]
, the selection matrix, E= [I2Ma |0(2Ma×Me) ]

T ,

and G ∈ C(2Ma−2)×(Me+2), which can be computed as follows:

G = (CH
a ETR̂nnECa)

−1CH
a ETR̂nnF = [ga,L ga,R ge,1 . . . ge,Me ] (20)

is comprised of the CMe+2 orthogonalisation filters in each column. As depicted in Fig. 2, ga,L and ga,R
will orthogonalise the noise components of the signals fH

a,Lya,L and fH
a,Rya,R onto the noise components of the

blocking matrix signals, and [ge,1 . . . ge,Me ] will orthogonalise the noise components of each of the respective
XMs onto the noise components of the blocking matrix signals.
A new signal model that resembles eq. (3) can in fact then be realised by substituting eq. (3) into eq. (19):

y = hLsa1,L +n y = hRsa1,R +n (21)

where hL = AHhL =
[
1 ϕ hT

e,L
]T

, hR = AHhR =
[

1
ϕ

1 1
ϕ

hT
e,L

]T
, n = AHn, and the associated correlation matrices,

Ryy = E{yyH} and Rnn = E{nnH}. These compressed signals, y, can now be used to design the BMVDR as
opposed to y. Estimates of sa1,L and sa1,R can be obtained by directly filtering y with the BMVDR filters,

w
L
∈ CMe+2 and w

R
∈ CMe+2 respectively (as in eq. (7) and depicted in Fig. 2):

w
L
=

R−1
nn hL

hH
L R−1

nn hL

w
R
=

R−1
nn hR

hH
R R−1

nn hR

(22)
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Hence, similar to eq. (8), estimates are now required for Rnn, hL, and hR in order to compute these filters.
With the estimates of the correlation matrices, R̂yy = AHR̂yyA and R̂nn = AHR̂nnA, the GEVD procedure from

Section 3 then follows from the matrix pencil {R̂yy, R̂nn} to estimate hL and hR:

R̂−1
nn R̂yy = U ΣΣΣ U−1; R̂yy = Q ΣΣΣy QH; R̂nn = Q ΣΣΣn QH (23)

where ΣΣΣ is a diagonal matrix of the generalised eigenvalues arranged in descending order, and U contains the
corresponding generalised eigenvectors, ΣΣΣy, and ΣΣΣn are also diagonal matrices, and Q = U−H is an invertible
matrix. The estimates for hL and hR then follow as:

ĥL =
Q e1

eT
LQ e1

ĥR =
Q e1

eT
RQ e1

(24)

where the selection vectors, e1 = eL = [1, 0, 0(1×Me)]
T and eR = [0, 1, 0(1×Me)]

T . Finally, the substitution of R̂nn

from eq. (23) and ĥL and ĥR from eq. (24) into eq. (22) results in the corresponding BMVDR filters:

ŵ
L
= U e1 eT

1 QHeL ŵ
R
= U e1 eT

1 QHeR (25)

5 RESULTS AND DISCUSSION
In order to evaluate these algorithms, audio recordings were made in an L-shaped room of height 3.8 m, whose
longer dimensions were approximately 6 m × 5.5 m, with an estimated broadband reverberation time of 1.5 s.
Similar to Fig. 1, a Neumann KU-100 dummy head was placed in a central location of the room and equipped
with two behind-the-ear (BTE) hearing aids (HAs), each consisting of an LMA with two microphones spaced
approximately 1.3 cm apart. Denoting 0° as the azimuth direction directly in front of the dummy head and
positive angles as clockwise, two XMs (AKG-CK-97-O) were positioned such that one was at 60° and 1 m away
from the dummy head, and the other was at 20 cm below the dummy head. A Genelec 8030C loudspeaker, 1 m
from the dummy head, was used to generate the speech signal from a target male speaker (8). Four of the same
loudspeakers, facing away from the dummy head toward opposite corners, were used to generate uncorrelated
excerpts of babble noise to approximate a diffuse noise field. The speech and noises were recorded separately,
but mixed together at an input signal-to-noise ratio (SNR) of 0 dB at the reference (frontal) microphone on the
right LMA.
Four algorithms were then evaluated: (i) the BMVDR from Section 3 (BMVDR−ĥ), (ii) the BMVDR from Sec-
tion 4 (BMVDR−h̃), (iii) the BMVDR from Section 3 but only using the left and right LMA (BMVDR−ĥa),
and (iv) the BMVDR as from Section 4 but only using the left and right LMA (BMVDR−h̃a). For the process-
ing of the algorithms, the Weighted Overlap and Add (WOLA) method (9), with a Discrete Fourier Transform
(DFT) size of 128 samples, 50 % overlap, and a sampling frequency of 16 kHz was used. Using the speech
presence probability (SPP) (10), periods for which the speech was active were extracted if the SPP > 0.6, and
not active if the SPP < 0.4. R̂yy and R̂nn were then estimated accordingly via recursive averaging with an
averaging time of 1 s. Finally, the a priori RTFs, h̃a,L and h̃a,R were computed from the DFT of 128 samples
(including only the direct path component) of the measured impulse responses (IRs) from the target speaker
position to each of the left and right LMAs. The metrics used to evaluate the following experiments were the
change in speech intelligibility-weighted SNR improvement (11) (∆SI-SNR) from the input SI-SNR at LM1,
and change in binaural cue errors, ∆ITD and ∆ILD, using the auditory model from (12). As the room was
quite reverberant, the reference binaural signal for computing ∆ITD and ∆ILD was the speech signal of the
target speaker convolved with the time domain direct path IRs used to define h̃a,L and h̃a,R. All metrics were
computed in 2 s time frames with a 50 % overlap.
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Figure 3. Performance of the various BMVDR algorithms for a target speaker located at 45°. The upper plots
((a),(b),(c)) are the results for accurately estimated correlation matrices, while the lower plots ((d),(e),(f)) are
the results for less accurately estimated correlation matrices.

Figure 3 displays the results for an input signal of 13 s when the target speaker was at 45°. The upper plots
((a),(b),(c)) display the results when the SPP was computed on the speech-only signal as received by the refer-
ence microphone of the right LMA, and represents a case when R̂yy and R̂nn have been accurately estimated.
In the lower plots ((d),(e),(f)), the SPP was computed using the actual noisy signal as received by the same
microphone and represents a case when R̂yy and R̂nn have not been as accurately estimated.

Firstly, in terms of ∆SI-SNR, it can be observed that the BMVDR−h̃ and BMVDR−ĥ (i.e., algorithms that
use the LMAs along with the XMs) always demonstrate an improvement over BMVDR−h̃a and BMVDR−ĥa
(i.e., algorithms that use the LMAs only). Furthermore, the ∆ITD and ∆ILD remain relatively constant between
BMVDR−h̃a and BMVDR−h̃, as well as between BMVDR−ĥ and BMVDR−ĥ, suggesting that the inclusion
of the XMs does not contribute to any additional distortion in the binaural cues.
The impact of accurate estimation of R̂yy and R̂nn is also evident. In the upper plots ((a),(b),(c)), where R̂yy

and R̂nn have been accurately estimated, both the BMVDR−h̃ and BMVDR−ĥ perform quite similarly. In
the lower plots ((d),(e),(f)), where R̂yy and R̂nn have been estimated less accurately, the absolute values of all
metrics now indicate a generally lower performance for all algorithms. However, in such a case, it is seen
that the BMVDR−h̃ offers an improved ∆SI-SNR and maintenance of the binaural cues in comparison with
the BMVDR−ĥ. Therefore, in cases of inaccurate estimation of R̂yy and R̂nn, the approach proposed in this
paper is seen to be beneficial. The resulting audio files from this experiment may be listened to for subjective
evaluation (13).

6 CONCLUSIONS
An approach to designing a BMVDR beamformer for a binaural HAD consisting of separate LMAs for the left
and right ear, as well as XMs has been developed. As opposed to the conventional approach of estimating entire
RTF vectors, partial a priori knowledge of these RTF vectors, i.e., known separate left and right ear RTF vectors
for the LMAs on the binaural HAD was incorporated so that only the computation of an appropriate scaling and
the missing part of these RTF vectors pertaining to the XMs was required. An experiment with a dummy head,
two behind-the-ear dummy hearing aids, and XMs indicated that the proposed approach is especially beneficial
in cases where there may be inaccurate estimation of the relevant correlation matrices needed for the BMVDR
beamformer.
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ABSTRACT
It is widely known that native speech sounds are perceived according to the phonetic categories of the native 
language: the process is called categorical perception. The hypothesis of categorical perception assumes that 
two stimuli are perceived to be different only when these are identified as different. Therefore, the best 
discrimination performance (discrimination peak) is observed when the paired stimuli are members of 
different categories. Traditionally, categorical perception has been tested using monosyllables presented in 
isolation. However, my recent research has shown that the discrimination peak is not observed when the 
mono-syllabic stimuli are embedded in a sentence. This recent research investigated the categorical 
perception in a sentence using an AXB paradigm with a stimulus interval of 300 ms: The relatively short 
interval may be one of the factors that suppressed the discrimination peak. To clarify this point, the current 
study conducted a perceptual experiment on Japanese listeners using an AXB paradigm with a stimulus 
interval of 1 s. The results suggest that for the perception of a Japanese /ba/-/da/ continuum by Japanese 
listeners, the length of the interval has only a small impact.

Keywords: Categorical perception, Sentence context, Stimulus interval

1. INTRODUCTION
The process of speech perception involves two common abilities, namely the ability to identify 

phonemes and the ability to discriminate one phoneme from another. The combination of these 
abilities leads to categorical perception (1). Strictly speaking, categorical perception assumes that 
listeners can discriminate two sounds only when these sounds are identified as different phonemes. For 
example, when native speakers of English perceive a sound continuum that gradually changes from 
English /r/ to /l/ in ten steps, they divide the continuous stimuli into two categories, namely /r/ (Step 1 
through Step 4) and /l/ (Step 6 through Step 10), placing a boundary in the middle (Step 5). When 
discriminating stimuli along the continuum, listeners use the category to make discrimination 
judgments. In other words, the discrimination performance for two sounds can be predicted from
listeners’ identification results. Therefore, the hypothesis of categorical perception predicts that two 
stimuli from the same category will be heard as being the same. In contrast, the best discrimination 
performance (discrimination peak (2)) is observed when the paired stimuli are members of different 
phonemic categories (cross-boundary pairs). The fundamental principle that discrimination 
performance can be predicted from identification results can be adopted for cross-language speech 
perception. For native speakers of Japanese, English /r/ and /l/ are heard as the single Japanese 
phoneme / / (e.g., (3,4)); therefore, there appears to be no categorical boundary along the /ra/-/la/ 
continuum. Thus, no discrimination peak is observed when native speakers of Japanese perceptually 
discriminate these English phonemes.

Traditionally, categorical perception is observed through identification and discrimination 
experiments using monosyllabic stimuli presented in isolation. However, recent research has shown
that the characteristics of categorical perception, especially a discrimination peak, disappear when the 
monosyllabic stimuli are embedded in a sentence. For instance, Tomaru and Arai (5,6) reported that 
when native speakers of English discriminate English /ra/ syllables from /la/ syllables, discrimination 
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performance does not increase at the cross-boundary pairs. For their experiments, synthetic stimuli 
that continuously change from English /ra/ to /la/ were synthesized. The experimental tasks included 
identification and discrimination tests under three sound conditions: (i) in isolation (5,6), (ii) between 
pure tones (6), and (iii) within a sentence (5,6). Their experiments revealed that discrimination 
performance under conditions (i) and (ii) was consistent with the traditional prediction of categorical 
perception, i.e., discrimination was highly accurate when comparing stimulus pairs from different 
phoneme categories. However, under condition (iii), discrimination accuracy did not increase even for
a comparison of cross-boundary pairs. Subsequent research conducted by Tomaru and Arai (7) found 
the same tendency for Japanese listeners’ perception of voiced stops, i.e., /ba/ and /da/.

The purpose of the current research is to replicate the preceding findings (i.e., the characteristics 
of categorical perception are not found under the sentence condition) using an AXB paradigm with a
longer inter-stimulus interval (ISI). In the previous research (5–7), listeners’ discrimination 
performance was assessed using an AXB paradigm with an ISI of 300 ms, which is adequate for
examining the categorical perception of monosyllables in isolation (8). However, for sentence 
perception, it is possible that a short ISI increases the perceptual burden. Under the sentence 
condition, English syllables, for example /ra/-/la/, are embedded into an English sentence, for 
example “Clear /ra/ (or /la/) is appreciated” (5, 6). During an AXB discrimination task, listeners hear 
the sentence three times consecutively, and judge whether X matches A or B. Although speech 
perception is a relatively fast automatic process (9), it may be difficult for listeners to complete two 
steps, namely identify the stimuli in question and compare them, during a short period of time. If 
discrimination performance is negatively affected by a short ISI, then a longer ISI should yield a
discrimination peak. The current research investigates Japanese listeners’ categorical perception of 
/ba/-/da/ syllables under two conditions: (i) in isolation and (ii) within a sentence. The results of a
perceptual experiment suggest that the length of an ISI does not affect listeners’ discrimination 
performance under the sentence condition.

2. Method

2.1 Stimuli
In the current study, a nine-step continuum of /ba/-/da/ syllables is employed. Under the isolation

condition, the continuum of syllables was presented to participants in isolation. Under the sentence 
condition, the same syllables were embedded into a sentence, e.g., sorekara /ba/ ga aruto omoimasu
(/ba/ was embedded), “And, I think there is /ba/.” The target syllable, the embedded /ba/ in this 
example, changes in nine steps along the continuum.

The nine-step /ba/-/da/ continuum originally created for previous experiments was used here (7).
The continuum was created using the cascade-formant synthesizer designed by Klatt and Klatt (10,11).
The parameter values for creating syllables were decided on the basis of a /ba/ utterance by a male 
native speaker of Japanese sorekara /ba/ ga aruto omoimasu “And I think that there is /ba/.” The 
mean values of formants 1 through 5 were obtained from the token and used as the parameter values. In 
addition to the formant frequencies, the bandwidth of each formant, extra tilt of the voicing spectrum,
and quotient of vocal-fold opening were manipulated on the synthesizer to imitate the speaker. To 
create a continuum, the formant trajectories of F1 and F2 were varied in nine steps from canonical /ba/ 
(Step 1) to /da/ (Step 9). The values of the fundamental frequency (F0) were decided so that the created 
syllables would naturally fit the original sentence when presented within a sentence under the sentence 
condition. Please refer to (7) for further information on stimulus synthesis.

2.2 Participants
Twenty native speakers of Japanese (7 males and 13 females) ranging in age from 19 to 32 years 

(mean age = 24.1 years) participated in the experiment. The participants reported no hearing 
difficulties at the time of the experiment.

2.3 Experimental Methods
The participants performed identification and discrimination tasks under the isolation condition 

and the sentence condition. Each participant had a familiarization session before experimental 
sessions. All sessions were conducted using Praat software (12) and headphones connected to a 
computer via a USB-connected audio interface. 
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2.3.1. Familiarization
Before the experimental sessions, participants were exposed to the synthesized syllables to 

become familiarized with artificial sounds. First, the participants heard five repetitions of the edge 
stimuli, i.e., Step 1 and Step 9. Then, the continuum was presented twice. The first time, the 
participants heard the continuum from Step 1 to Step 9 in ascending order; the second time, they 
heard the same continuum in descending order. During the familiarization session, the participants 
were asked to make self-judgments about whether the stimuli they heard were /ba/ or /da/. The 
participants were able to adjust the sound to a comfortable listening level during this session. They 
were asked not to change the volume once the main experiments had begun.
2.3.2. Identification Task

The two-alternative forced-choice method (2AFC) was utilized. Participants were asked to judge 
whether the syllable they heard was “ /ba/ ” or “ /da/” by clicking on the appropriate button in 
the computer interface. The participants performed the task under the isolation condition and the 
sentence condition in separate sessions. For both conditions, each stimulus (syllable or sentence)
along the continuum was repeated five times in random order (9 stimuli × 5 repetitions = 45 
judgments). Practice sessions preceded experimental sessions.
2.3.3. Discrimination Task

The AXB paradigm, where participants were asked to judge whether X matches A or B, was 
employed. As done in the identification session, the participants performed the AXB discrimination 
task under the isolation condition as a separate session from that for the sentence condition. For both 
conditions, the stimuli were paired such that each pair differed by two steps along the continuum
(e.g., Step 1 and Step 3). In addition, the edge stimuli (i.e., Step 1 and Step 9), were paired and 
presented to participants as fillers. Each pair was repeated three times in random order (8 pairs × 3
repetitions). For both conditions, the ISI was 1 s. Practice sessions were conducted before 
experimental sessions.

Under the isolation condition, participants were instructed to compare syllables and to judge 
whether the second syllable (X) matched the first (A) or third (B) syllable. Similarly, under the 
sentence condition, the participants were told to concentrate on the syllables in the middle of a 
sentence, and to compare three sentences. Then, they were asked to judge whether the second 
sentence matched the first or third sentence.

3. RESULTS

3.1 Isolation Condition
3.1.1. Identification Task

The identification results obtained under the isolation condition are summarized in Fig. 1-(a). The 
participants’ responses are averaged and shown by the dotted line. The solid line shows the percentage 
of /ba/ responses fitted using the following logistic model. = 100 1 + ( ) (1)

Figure 1 – Results of identification (a) and discrimination (b) tasks under the isolation condition.
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,where y is the percentage of /ba/ responses and x is the step number on the continuum. The 
parameters a and b represent the slope of the curve and the 50% crossover point, respectively. In this 
case, the slope of the curve is 2.0 and the 50% crossover point is 5.5. Based on the identification 
results, we can predict a discrimination peak at the pair Step 4 and Step 6, which crosses the 
category boundary. 
3.1.2. Discrimination Task

The percentage of correct responses was calculated for each listener. Figure 1-(b) shows the 
average percentage of correct responses. The identification results indicate that the category 
boundary is at 5.5. Therefore, the discrimination peak is predicted for the pairs 4–6, 5–7. Assuming
that these pairs are cross-boundary pairs, the stimulus pairs were divided into three groups: (i) the
within /ba/ pairs, i.e., pairs 1–3, 2–4, and 3–5, (ii) the cross-boundary pairs, i.e., pairs 4–6 and 5–7,
(iii) the within /da/ pairs, i.e., pairs 6–8 and 7–9. A one-way analysis of variance (ANOVA) revealed 
a main effect of the group (F(2, 137) = 23.46, p < 0.001). A post hoc multiple comparison with 
Bonferroni correction found a significant difference between the groups: the percentage of correct 
responses for the within /ba/ pairs was different from that for the cross-boundary pairs (p < 0.01). 
Similarly, the percentage of correct responses for the within /da/ pairs was different from that for the 
cross-boundary pairs (p < 0.01). In addition, the difference between the within /ba/ group and the 
within /da/ group was significant (p < 0.05). The results indicate that the observed characteristics of 
categorical perception are as predicted under the isolation condition.

3.2 Sentence Condition
3.2.1. Identification Task

The identification results obtained under the sentence condition are shown in Fig. 2-(a). The dotted 
line indicates the average responses of all participants. The average responses were fitted using the 
model in Eq. (1). The solid line indicates the fitted function. Under the sentence condition, the slope of 
the curve is 1.5 and the 50% crossover point is 5.9. Thus, if the characteristics of categorical 
perception are to be observed under this condition, a discrimination peak should appear at the 
stimulus pairs 4–6 and 5–7.
3.2.2. Discrimination Task

The discrimination results are summarized in Fig. 2-(b). Under this condition, more than seven 
listeners’ responses for some within-category pairs, i.e., the pairs 1–3, 2–4 and 7–9, were below a 
chance level, ranging from 17% to 42%. This may suggest that listeners intentionally gave responses 
that were opposite to those they were expected to provide. Thus, the results for these pairs were 
eliminated from the analysis.

As shown in Fig. 2-(b), no discrimination peak was observed under the sentence condition. As 
done in the analysis under the isolation condition, the stimulus pairs were classified into three 
groups: (i) the within /ba/ group, i.e., the pair 3–5, (ii) the cross-boundary group, i.e., the pairs 4–6, 
5–7, and (iii) the within /da/ group, i.e., the pair 6–8. A one-way ANOVA found no main effect of the 
group (F(2, 77) = 2.07, p = 0.13). No significant difference between the groups was observed.

4. Discussion and Conclusion
The purpose of the research was to investigate whether a discrimination peak appears under the 

Figure 2 – Results of the identification (a) and discrimination (b) tasks under the Sentence Condition.
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sentence condition with an ISI of 1 s. The results of the perceptual experiments show that even with a 
1-s ISI, the sentence context hinders discrimination performance. That is, the lack of a discrimination 
peak under the sentence condition is not the result of a perceptual burden caused by a short ISI.

The hypothesis of categorical perception predicts a discrimination peak because it assumes that 
listeners can discriminate two sounds only when they have different phonemic labels. If an AXB 
paradigm with a short ISI, e.g., 300 ms (5–7), causes an excessive burden for listeners, preventing 
them from completing the labeling process and making discrimination judgments at the same time, 
then the same paradigm with a relatively long ISI (e.g., 1 s), should reduce this burden; as a result, 
discrimination results should reflect labeling results. However, this was not the case. Therefore, the 
results of the current experiment support the idea that listeners do not use labeling information during 
sentence discrimination. This is consistent with previous studies (5–7). Further, the lack of a
discrimination peak suggests that the ability to discriminate sounds based on phonemic categories is 
limited to the perception of sounds in small units (e.g., syllables). When perceiving sentences, 
listeners either do not discriminate sounds at all or rely on information other than phonemic labels.

In addition, it is worth mentioning that listeners’ discrimination performance is unstable under the 
sentence condition compared to that under the isolation condition. The results of the current 
experiment showed that the percentage of correct responses did not reach a chance level in many 
cases for within-category pairs. A previous study (7) reported similar results, where several listeners’
percentage of correct responses for the pairs 1–3 and 2–4 was remarkably low, ranging from 8% to 
42%. These outcomes may imply that sentence discrimination and syllable discrimination should be 
treated differently. Remaining issues will be investigated in future research.
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Abstract
Different from the conventional approach of bandwidth extension (BWE), we propose an algorithm to enhance
speech by bit-rate extension (BRE). Due to the different resolution of amplitude, low bit-rate (LB) signals
contain much more quantization noise than high bit-rate (HB) signals. Theoretically, simply applying conven-
tional speech enhancement algorithms can enhance LB signals. However, even if LB signals are corrupted by
quantization noise, the quantization mechanism makes the remaining upper bits of LB signals identical to the
corresponding HB signals, and conventional speech enhancement algorithms may corrupt the “correct” upper
bits of LB signals. In this paper, we focus on that the “correct” upper bits of LB signals will follow a time-
domain constraint, and use it to support enhancement to achieve a better performance. Therefore, after the
general amplitude-based speech enhancement, we also designed a time-frequency simultaneously constrained
Griffin-Lim algorithm (TFC-GLA) to ensure that the HB signal estimations satisfy the time-domain constraint
while maintaining the estimated amplitude in frequency-domain. Objective evaluations show that our proposed
BRE algorithm is effective in enhancing speech.
Keywords: Speech enhancement, Bandwidth extension, Bit-rate extension, Phase reconstruction, Griffin-
Lim algorithm

1 INTRODUCTION
Sampling rate is an essential measure for determining the quality of a speech signal. It has been a hot topic
of speech enhancement by bandwidth extension (BWE) [1, 2]. Generally, the BWE approach uses the corre-
lation between the low and high-frequency bands and estimates the lost spectrum of the high-frequency band.
According to the sampling theory [3], the bandwidth of the spectrum corresponds to the sampling rate, which
determines the Nyquist frequency. Therefore, BWE actually extends the sampling rate of speech and improves
speech quality.
However, bit rate, which is also an extremely critical measure for determining speech quality, has been forgotten
somehow. In this paper, we propose an algorithm to enhance speech by bit-rate extension (BRE). The bit rate
represents the resolution of quantization [4], and the higher the bit rate, the higher resolution digital amplitude
will be. Thus, BRE can make speech capable of representing more precise fluctuations in amplitude. Figure 1
shows the difference between the two approaches.
Due to the different resolution of amplitude, low bit-rate (LB) signals contain much more quantization noise
than high bit-rate (HB) signals. Theoretically, simply applying conventional speech enhancement algorithms [5,
6] can enhance LB signals. However, even if LB signals are corrupted by quantization noise, the quantiza-
tion mechanism makes the remaining upper bits of LB signals identical to the corresponding HB signals, and
conventional speech enhancement algorithms may corrupt the “correct” upper bits of LB signals.
Based on the quantization mechanism, we focus on that the “correct” upper bits of LB signals will follow
a time-domain constraint, and use it to support enhancement to achieve a better performance. Conventional
amplitude-based speech enhancement algorithms cannot ensure enhanced signals satisfying the time-domain con-
straint because of the noisy phase. Therefore, we need to design a proper phase, which can ensure our estima-
tion of HB signals following both the time-domain constraint and the estimated amplitude. To achieve this, after
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Figure 1. Comparison of BWE and BRE.

amplitude-based speech enhancement, we designed a time-frequency simultaneously constrained Griffin-Lim Al-
gorithm (TFC-GLA) based on the GLA [7]. To evaluate speech-enhancement quality, we conducted objective
evaluations based on the perceptual evaluation of speech quality (PESQ) [8] and signal-to-distortion ratio (SDR)
to confirm the speech quality improvement as well as the distortion of estimated HB signals referring to the real
HB ones. Results of objective evaluations indicate that our proposed BRE algorithm is effective in enhancing
speech.

2 Quantization Mechanism
Quantization is a process of mapping input analog voltage from a large set (often a continuous set) to out-
put values in a countable and finite set, which can be considered as a lossy compression of analog ampli-
tude. There are many ways for quantization and the most widely used one is successive approximation register
(SAR) [9, 10]. Our proposed BRE algorithm is based on the condition that the input LB signal being extended
is linearly quantized by SAR without an additional process such as dithering [11]. Figure 2 shows what results
of quantization at different bit rates look like.
From Figure 2, the upper L bits on the MSB side are identical, while the lower (H−L) bits on the LSB side
are lost only for the L-bit LB signal. Our proposed method estimates the lower (H−L) bits while protecting
the identical upper L bits.

3 PROPOSED BRE ALGORITHM
In this section, we introduce the proposed algorithm. Figure 3 shows a block diagram of the entire proposed
algorithm.

3.1 Quantization Noise Whitening and Temporary Bit-rate Extension by Random Recovery of Lower Bits
To achieve speech enhancement by BRE, it is necessary to estimate the lost lower bits. However, estimating
lower bits directly from the remaining upper bits is extremely difficult since there is no clear correlation be-
tween these two matrixes made of 0 and 1. Thus, we avoid estimating lower bits directly, instead, filling them
with values temporarily to increase the resolution, and apply a speech enhancement algorithm later. Assuming
that there is an L-bit signal x(n) and H(L < H)-bit signal y(n) corresponding to the same speech signal, the
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Figure 2. Quantization results in L bits and H bits.

quantization noise e(n) can be represented as

e(n) = y(n)−2H−Lx(n). (1)

Usually, e(n) has correlations with x(n), which brings some difficulty to the amplitude-based speech enhance-
ment since they are generally based on the assumption of that there is no correlation between the noise and
signal. To make this easier, we propose to recover the lost lower bits randomly to whiten the e(n), so that
the amplitude estimator may perform better. The procedure of random recovery is shown in Figure 4. Random
recovery makes the resolution of an L-bit signal identical to an H-bit signal. In this paper, we call the signal
after random recovery a fake HB (FHB) signal.
Figure 5 illustrates spectrograms of quantization noises before and after the random recovery where L = 8 and
H = 16. We can see that the quantization noise has been whitened by random recovery and the LB signal
is temporarily extended to HB. Now, we can apply a conventional speech enhancement algorithm to estimate
the clean spectrum of HB signals. In this paper, we chose spectral subtraction [5], a widely used speech
enhancement algorithm, as the amplitude estimator.

3.2 Theoretical Limited Region of High Bit-rate Signals
In conventional research, simply synthesizing the estimated spectrum |Ŷ (τ,k)| with a noisy phase φ(τ,k)G may
improve speech quality. However, as shown in Figure 2, the difference between LB and HB signals only exists
in the lost H−L lower bits on the LSB side, which means the L upper bits are identical to the original HB
signal, and φ(τ,k)G is not capable of protecting the "correct" upper bits. Since the combination of 0 or 1 for
(H−L) lower bits are finite, it is possible to calculate a limited region from an x(n) where the original HB
signal is strictly inside. Assuming the lower and upper limits of this region are l(n) and u(n), the relation
among l(n),u(n), and x(n) is as follows,

l(n) = min{2H−Lx(n),2H−Lx(n)+(2H−L−1)sgn(x(n))},
u(n) = max{2H−Lx(n),2H−Lx(n)+(2H−L−1)sgn(x(n))},

(2)
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Figure 3. Block-diagram of entire proposed algorithm to enhance speech by bit-rate extension (BRE), where
x(n) is input low bit-rate (LB) signal, g(n) is signal after random recovery, |Ŷ (τ,k)| is estimated spectrum, ŷ(n)
is output of estimated high bit-rate (HB) signal. u(n) and l(n) are upper and lower limits of all possible ŷ(n).

where sgn is an operator for extracting the sign of its input value, whose operation is defined as

sgn(x) =


0 ,x = 0,
1 ,x > 0,
−1 ,x < 0.

(3)

For any LB signal x(n) and bit-rate needed to be extended, it is possible to calculate the upper limit u(n) and
lower limit l(n) of y(n) where

∀n, l(n)≤ y(n)≤ u(n), (4)

and Equation (4) will be the time-domain constraint during the HB signal estimation.

3.3 Time-frequency Simultaneous-constrained Griffin-Lim Algorithm
So far, we have an amplitude estimation as the frequency-domain constraint as well as the time-domain con-
straint. Next, we need to estimate a proper phase φ̂Y (τ,k) that will satisfy the following condition,

ŷ(n) = ISTFT{|Ŷ (τ,k)|φ̂Y (τ,k)},
∀n, l(n)≤ ŷ(n)≤ u(n),

(5)

where ISTFT{∗} means performing short-time inverse Fourier transform (ISTFT) of the input complex spectrum
matrix ∗ [12, 13].
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Figure 4. Random recovery of lost (H−L) lower bits on LSB side.

(a) Original. (b) After random recovery.

Figure 5. Comparison of spectrogram of quantization noise.

It is reported that inserting a time-domain constraint can assist GLA in recovering the phase [14] . Inspired by
this discovery, we designed a TFC-GLA to estimate φ̂Y (τ,k) satisfying Equation (5). TFC-GLA is shown as
Algorithm 1, where α is the penalty ratio while constraining ŷ(n), c is the convergence criterion, φ R(τ,k) is a
random phase for initialization, and ‖X‖F is the Frobenius norm of X given by

‖Xn×m‖F =

√
n

∑
i=1

m

∑
j=1

X2
i, j. (6)

With Algorithm 1, we carry out a mutual projection between time and frequency domains. When |Ŷ (τ,k)|φ̂Y (τ,k)
is projected into the time domain as ŷ(n), we add a penalty to force ŷ(n) to become closer to the limit
region given by Equation (2). On the other hand, When ŷ(n) is projected into the frequency domain as
|Ŷ (τ,k)|φ̂Y (τ,k), we force its spectrum to be identical to |Ŷ (τ,k)|. Eventually, by iterating the projections,
ŷ(n) will satisfy Equation (4) while its spectrum will be our desired one.
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Algorithm 1 Time-frequency simultaneous-constrained GLA (TFC-GLA)

Input: l(n),u(n),α, |Ŷ (τ,k)|,c,φ R(τ,k)
Output: ŷ(n)

1: φ̂Y (τ,k)⇐ φ R(τ,k)
2: ŷ(n)⇐ ISTFT{|Ŷ (τ,k)|φ̂Y (τ,k)}

3: ŷ′(n)⇐

{
ŷ(n)−α(ŷ(n)−u(n)) , ŷ(n)> u(n)
ŷ(n)−α(ŷ(n)− l(n)) , ŷ(n)< l(n)

4: |Ŷ ′(τ,k)|φ̂Y (τ,k)⇐ STFT{ŷ′(n)}
5: if ‖|Ŷ ′(τ,k)|− |Ŷ (τ,k)|‖F ≥ c then
6: go to 2
7: else
8: return ŷ(n)
9: end if

4 OBJECTIVE EVALUATION
To evaluate the performance of our proposed BRE algorithm, we conducted objective evaluations of speech
quality based on PESQ [8] and SDR. We chose 20 Japanese speech signals from the ATR speech database [15]
sampled at 16 kHz and quantized at 16 bits. We created the corresponding 8-bit signal for each original 16-bit
signal by using the following equation.

x(n) =


(2H−L)b y(n)

2H−L c ,y(n)≥ 0,

(2H−L)d y(n)
2H−L e ,y(n)< 0,

(7)

where b∗c is the operator to calculate the maximum integer less than ∗, d∗e is the minimum integer greater than
∗, and H = 16,L = 8. Equation (7) is the theoretical relationship between the LB and HB signals of the same
analog waveform. Furthermore, the accuracy of magnitude estimation mentioned in Section ?? is also critical
to the performance of the proposed BRE algorithm. Thus, we also gave the real amplitude |Y (τ,k)| to confirm
their theoretical maximum performances.
Evaluation target signals were as follow.

• LB: LB represents 8-bit signals that have been linearly extended to 16-bit. We can consider LB as an
8-bit signal since there is no perceptual difference and effect on SDR results after linearly extended to
16-bit.

• R: Randomly recovered as described in Section 3.1.

• R+D: Only apply the SS and the phase remains noisy.

• R+D+GLA: Apply GLA to R+D.

• R+D+TFC-GLA: Apply Algorithm 1 to R+D.

• R+D*: Theoretical maximum performance of R+D by providing it with the real amplitude while the
phase is still noisy.

• R+D*+GLA: Theoretical maximum performance of R+D+GLA by providing it with the real amplitude
to GLA
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• R+D*+TFC-GLA: Theoretical maximum performance of R+D+TFC-GLA by providing it with the real
amplitude to Algorithm 1

The results of PESQ and SDR are shown in Figures 6-7, respectively. From the results, we can confirm that,
random recovery of lost lower bits of LB does not improve speech quality. Moreover, results also indicate that
only applying SS can improve speech quality, but with the combination of TFC-GLA, we can achieve a more
accurate HB signal estimation according to both PESQ and SDR.

Figure 6. Results of objective evaluation based on PESQ.

Figure 7. Results of objective evaluation based on SDR.

5 CONCLUSIONS & FUTURE WORKS
We proposed an algorithm of speech enhancement by BRE based on our TFC-GLA. By applying TFC-GLA,
we can estimate an HB signal by enhance a LB signal while keeping its upper bits protected. The results
of objective evaluations indicate that our proposed BRE algorithm is effective in improving speech quality
compared with the LB signal. Conventional amplitude-based speech enhancement can also improve speech
quality, but with the combination of TFC-GLA, we can achieve a more accurate HB signal estimation based on
the higher SDR results. As for the future work, we will consider applying a more accurate amplitude estimation
algorithm.
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ABSTRACT 
Retroflexion is an important phonological category in many Indian languages. This paper puts forward an 
effort made to present the findings of acoustic characteristics of retroflex sounds that significantly describe 
and differentiate them from other sounds. The retroflex sounds /ʈ/, /ʈʰ/, /ɖ/, /ɖʱ/, /ɽ /, /ɽʱ/, /ɳ /, /ʂ/ are 
acoustically analysed for three Indian languages i.e. Hindi, Nepali and Punjabi. Selected words containing 
each of these consonants in embedded in VCV positions were recorded by 50 native male and female 
speakers of each of these three languages. Parameters such as spectral properties of burst, formant 
transition(shifts), duration etc. were analysed. It has been observed that the formants F2, F3and F4 of the 
burst and adjoining transitions, particularly the rising of F2 and falling of F3, F4 are significant. The minimal 
differences between F2 and F3 values, strong release of burst, shorter duration of silence and VOTs are 
noteworthy. The retroflex sounds /ɽ /and /ɽʱ/ which appear in medial and final positions of any word are 
mostly heard as rhetoric /r/. Some of the linguistic differences observed include /ɳ/ pronounced as /n/ and /ɽ/ 
as /r/ in Nepali whereas /ɽʱ/ pronounced as /ɖʱ/ in Punjabi. 
 
Keywords: Retroflex, Formant transition, Acoustic-Phonetic analysis 

1. INTRODUCTION 
Hindi is known for its large consonant inventory that features a four way contrast for voicing and aspiration. 

This includes a full retroflex family of stops which contrasts with full dental stop series in addition to few 

more retroflex consonants [1,2,7]. The origin of retroflex is found in Sanskrit and consecutively other 

languages of Indo-Aryan family. Retroflex consonants are produced in a variety of forms depending upon the 

shape of the tongue. The tongue may be either flat or concave or even with the tap curled back. The point of 

contact on the tongue may be with the tip (apical), with the blade (leminal) or with the underside of the tongue 

(subapical) (refer Figure1). 

Hindi, Punjabi and Nepali belong to same language family i.e. Indo-Aryan. Punjabi language is 

spoken dominantly in the northern region of India, parts of Pakistan and also in few major countries like 

Canada. The stop consonant system of Punjabi is similar to that of Hindi and other Indo-Aryan languages, but 

the voiced aspirated series has been replaced by tones [9,17]. Nepali is primarily spoken in Nepal and in some 

regions of India and Bhutan. It has 20 obstruent’s. Pokharel (2) claimed that the production of Nepalese 

retroflex stops is ‘apico-alveolar’, that is there is no curling backward movement of the tongue and the 

segment is articulated directly at the alveolar ridge, rather than further back in the vocal tract. This is in 

                                                 
1 ss_agrawal@hotmail.com 
2 bansalshwe@gmail.com 
3 ssinha@ggn.amity.edu 
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contrast to the most of Indo-Aryan retroflex stops. Hindi retroflex consonants are generally apical post 

alveolar, with a somewhat concave tongue. 

 

 

 

 

 

 
Figure1. Articulation of retroflex consonants (1) 

The main objective of the present study is to provide detail analysis of features of retroflex sounds and 

in this context measure the similarity and dissimilarity between three languages i.e. Hindi, Punjabi and 

Nepali. The paper is organized as: section 2 presents the methodology used for corpus design and analysis. 

The statistics of parameters and the results of analysis are presented in section 3. The conclusion of the work 

is presented in section 4.   

2. METHODOLOGY 

2.1 Design of Corpus 
Table 1 outlines the retroflex sounds of Hindi, Punjabi and Nepali used in this study. The sounds/t/, /th/, /d/ 

and /dh/ are common to all the three languages. The sounds /r/ and /rh/ are special sounds that occur in Hindi 

only. The sounds /ɳ/, /ɽ/, /ɽʱ/ does not appear in the initial position of any word in Hindi and Punjabi. The 

unvoiced fricative /ʂ/ is pronounced clearly in Hindi and not in other two languages. We have however, asked 

the speakers of Punjabi and Nepali also to utter these sounds in the VCV contexts and compared their 

characteristics with those of Hindi sounds. 

 
Table 1 – Retroflex of Hindi, Punjabi & Nepali

 
 

 
Guided by the aim of the study all retroflex consonants were embedded in the vowel-consonant-vowel 

context using three cardinal vowels /a/, /i/, /u/. The corpus was recorded by 50 native speakers of the 

languages under study. All the utterances were recorded on a portable sound recorder H4N and sampled at 16 

bit, 44.1KHz sampling rate. 

Manner of Articulation Hindi (L1) Punjabi (L2) Nepali (L3)
Unvoiced unaspirated plosive /ʈ /   ट /ʈ /     ਟ /ʈ /      ट

Unvoiced aspirated plosive /ʈʰ /    ठ /ʈʰ /      ਠ /ʈʰ /     ठ

Voiced unaspirated plosive /ɖ /      ड /ɖ /      ਡ /ɖ /     ड

Voiced aspirated plosive /ɖʱ /    ढ /ʈ /       ਢ /ɖʱ /     ढ

Voiced unaspirated nasal /ɳ /       ण /ɳ /      ਣ
Unvoiced aspirated fricative /ʂ /        ष

Flap voiced unaspirated /ɽ /         ड़ /ɽ /        ੜ
Flap voiced aspirated /ɽʱ/        ढ़
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2.2 Acoustic Analysis: 
The recorded samples were analysed using PRAAT and WAVESURFER Software. The desired 

words were first segmented and stored in separate files. The acoustic analysis consists of extracting formant 

frequencies at different positions along with durational measures in different vowel context. The value of 

formants have been measured at four different positions i.e. in steady state and terminating point of the 

preceding vowel, the beginning (during the burst of plosives) and the steady state of the following vowels, 

shown in figure 2. 

 
Figure 2- Measuring points of retroflexion characteristics (word aʈʰa) 

Pronounced by a male speaker 

For durational measures the duration of gap, VOT duration, VOT along with aspiration and VOT with voiced 

aspiration have been measured for each retroflex sound. 

3. Frequency Measurements and Results 
 

For detailed analysis of acoustic parameters, the utterances were analysed using PRAAT and 

WAVESURFER software tools. Fig 3 shows spectrogram of the four stop retroflex consonant in VCV 

context. To obtain the steady state and formant values at the terminating points in the consonants, the formant 

measures are obtained for all the speakers in context of three vowels /a/, /i/, /u/. With the values obtained at 

four different positions the differences between F1, F2 i.e. (F2-F1), between F2 and F3 i.e. (F3-F2) and 

between F3 and F4 i.e.(F4-F3) is computed. These values are averaged over individual vowels. Table 2 
presents these values and the standard deviation at different position for three languages. 
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Figure 3- Spectrogram of stop consonants 

 

The transition of formants in the preceding and following vowels are quite significant clues in the 

distinction of retroflex consonants, which distinguishes them from other categories of consonant sounds. 

It can be observed that the transition between F2-F3 and F3-F4 is the largest for Nepali followed by 

Hindi language, and is the smallest for Punjabi. It may be presumed that the degree of retroflexion in 

Punjabi is higher than Hindi and among the three Nepali has the least retroflexion. In particular, the 

rising of F2 and lowering of F3 and F4 in case of central and back vowels is evident from the 

spectrogram (refer Figure 3). In case of preceding vowel /a/ context, the formant F2 and F3 tend to 

merge with each other. This phenomenon is consistent in all the three languages. 
 

Table 2- Formant transition measurement of retroflex (stop consonants) in three languages 

Positio
n 

Transitio
n 

Language /aa/ SD /i/ SD /u/ SD 

P_SS F2-F1 L1 400.98 14.50 1982.98 32.35 430.28 37.43 

L2 469.60 17.25 2371.81 62.49 336.74 112.06 

L3 595.51 60.93 1910.35 67.11 524.24 28.27 

F3-F2 L1 1353.19 46.85 315.28 109.23 1863.75 122.73 

L2 1452.50 30.55 454.11 40.07 1805.12 374.38 

L3 1505.36 150.27 607.17 445.21 1789.63 32.74 

F4-F3 L1 913.76 41.89 1235.64 235.55 1140.40 132.17 

L2 1378.29 75.27 773.62 35.59 1121.01 266.24 

6839



 

 

L3 573.89 104.48 1684.87 403.8 1706.21 211.65 

P_V F2-F1 L1 987.92 82.84 1890.64 73.87 685.78 24.92 

L2 1273.59 84.86 2045.00 45.10 745.24 57.46 

L3 910.62 140.40 1587.21 237.92 720.66 47.18 

F3-F2 L1 640.88 352.71 397.11 30.45 1182.49 43.41 

L2 277.61 139.84 421.96 110.67 1088.39 206.33 

L3 643.45 308.20 467.72 243.69 1490.44 163.97 

F4-F3 L1 999.30 318.14 789.81 231.05 940.77 64.66 

L2 1347.42 88.63 363.01 71.46 940.32 89.24 

L3 1412.66 379.20 1582.13 148.33 1260.32 113.70 

F_V F2-F1 L1 851.33 184.10 1804.62 86.76 985.25 268.62 

L2 926.31 377.46 2278.58 111.91 669.49 162.90 

L3 815.78 123.29 2094.64 145.16 746.88 302.07 

F3-F2 L1 1025.74 124.82 515.98 70.27 1174.86 270.69 

L2 1135.18 187.56 483.53 44.98 1420.82 594.54 

L3 732.72 387.98 468.98 88.63 1273.88 62.71 

F4-F3 L1 1091.07 184.43 978.20 128.77 1105.31 91.42 

L2 1327.02 271.25 877.49 37.39 1078.74 136.33 

L3 1275.93 168.21 880.84 194.06 1260.16 217.50 

F_SS F2-F1 L1 552.66 41.76 1896.22 85.29 513.77 38.38 

L2 528.36 44.95 2392.19 31.52 492.49 16.31 

L3 597.51 58.01 1911.42 20.59 675.56 41.71 

F3-F2 L1 1164.05 110.57 499.59 30.14 1673.43 128.43 

L2 1180.01 143.48 389.00 49.99 1739.42 593.37 

L3 1499.09 125.15 921.68 177.09 1451.12 51.49 

F4-F3 L1 1126.80 77.79 1025.15 145.34 1240.61 120.96 

L2 1474.01 148.46 823.71 25.89 898.40 361.13 

L3 1014.19 76.01 1554.07 118.57 2086.29 483.14 

P_SS = Steady state of previous vowel, P_V = Termination of the previous vowel, 

F_V = Initial values at the following vowel, F_SS = Steady state values at the following vowel. 

 
It can be further observed that the changes in formants and formant transitions of the retroflex 

consonants (belonging to same place of articulation) are only slightly affected by the changes in the manner 

of production of these consonants i.e. due to aspiration or voicing or voiced aspirations. 

Fig. 4 shows the spectrogram of other retroflex consonants which appear in Hindi but not in Nepali. The 

sounds / ɳ/ and / ɽ / appear in Punjabi also. We asked the speakers of all the languages to pronounce all these 

consonants. Measurements of formant frequencies at all the four positions (Fig. 2) were done for all the 

utterances. The major finding show that for Hindi speakers their characteristics match with the retroflex 
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category quite well and in Punjabi the characteristics of / ɳ/ and / ɽ / matches also. However the sound /ɽʱ/ 

becomes closer to / ɽ / and /ʂ/ becomes closer to /s/. Similarly in Nepali the sounds does not show their 

retroflex character and they become closer to other categories of sound e.g. / ɳ/ closer to /n/, /ʂ/ closer to /s/, / 

ɽ / and /ɽʱ/ closer to /ɖ/. 

 

 
Figure 4- Spectrogram of other retroflex consonants 

 

4. Durational Measures and Results 
In addition to frequency parameters several durational measures are obtained by averaging the values 

over the three vowels separately. The average total duration of gap and VOT/Aspiration for all consonants is 

same in different vowel contexts, presented below in Table 3. 

Table 3- Average Total duration of stop consonants 

 
The detailed analysis of the durational measures under different conditions is outlined in Table 4. The 

analysis of retroflex duration highlights the dissimilarity among the languages. 
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Table4-Retroflex duration in three different languages 

Durational 
Measures 

 Hindi (L1)  Punjabi (L2) Nepali (L3) 

Gap ड (ɖ)> ट (ʈ)> ठ (ʈʰ)>ढ (ɖʱ) ਟ(ʈ)> ਠ (ʈʰ)>ਢ (ʈ)> ਡ (ɖ) 
ट (ʈ)>ड (ɖ)>ढ (ɖʱ)> ठ (ʈʰ) 

VOT/VOT+ 
Aspiration 

ढ (ɖʱ)>ठ (ʈʰ)>ट (ʈ)>ड (ɖ) 

 
ਢ(ʈ)>ਠ(ʈʰ)>ਟ(ʈ)>ਡ(ɖ) 

 

ढ (ɖʱ) >ठ (ʈʰ) >ट (ʈ) >ड (ɖ) 

Total Duration ढ (ɖʱ) >ठ (ʈʰ) >ट (ʈ) >ड (ɖ) ਢ(ʈ) >ਠ(ʈʰ) >ਟ(ʈ) >ਡ(ɖ) 

 

ढ (ɖʱ) >ठ (ʈʰ) >ट (ʈ) >ड (ɖ) 

 

 
The total duration of retroflex consonants in VCV context shows that it is higher for Nepali followed 

by Punjabi and Hindi. It shows Nepali speakers take more time in articulating these consonants compared to 
the speakers of other two languages. However, duration follows the same order in all the languages i.e. ढ (ɖʱ) 

>ठ (ʈʰ) >ट (ʈ) >ड (ɖ). It is obvious that the duration of aspiration is much higher than the duration of VOT in 

unaspirated consonants. For other retroflex consonants studied the analysis outline the following relation in 
different languages: in Hindi,  ष(/ʂ/) > ढ़(/ɽʱ/) > ण(/ɳ /) > ड़(/ɽ /), for Punjabi, ष(/ʂ/) > ढ़(/ɽʱ/) > ण(/ɳ /) > ड़(/ɽ /) and 

for Nepali,  ष(/ʂ/) > ढ़(/ɽʱ/) > ण(/ɳ /) > ड़(/ɽ /) . 

The duration of fricative retroflex sound which is unvoiced sibilant having apical post alveolar 
articulation is higher than the other sounds. In Punjabi, the sound ष(/ʂ/) and ढ़(/ɽʱ/) does not occur as retroflex 

sounds; ष(/ʂ/) becomes स(/s/) and ढ़(/ɽʱ/ ) is generally replaced by ड़(/ɽ /). Hence their properties do not match 

with retroflex consonants. Similarly in Nepali, these sounds are not pronounced as retroflex sounds but ष(/ʂ/) 

as स(/s/) and ढ़(/ɽʱ/) as ड़(/ɽ /) somewhat closer to ड (/ɖ/) and ड़(/ɽ /).  

5. Conclusions 
The Articulation of the retroflex sounds is very clearly reflected in their acoustic characteristics and the 

co-articulation effects in proceeding and following vowels. These Characteristics can be distinguished from 

the other categories of sounds such as dental etc. In particular the position of the burst frequencies, transition 

of the formants of the previous and following vowels particularly of second, third and fourth formants show 

very specific transition associated with retroflex consonants. In particular F2 rising and F3 and F4 falling in 

all cases for all the languages. 

These observations are in agreement with the results reported earlier by references [14,15] for Hindi and [47] 

for Nepali and [17] for Punjabi. There are some differences among Hindi, Punjabi and Nepali. While all the 

three languages have all the four retroflex stops, our results have shown that the other retroflex sounds which 

appear in Hindi but not in other languages show their characteristics as non-retroflex consonants. For 

example the nasal retroflex /ɳ / appears to be closer to /n/ and (/ʂ/ closer to /S/, /ɽ / and /ɽʱ/ closer to /ɖ/ in 

Nepali. Similarly /ʂ/ appears to be pronounced as /s/ in Punjabi, which indicates that Nepali speakers 

articulate these sounds slower than the other two languages. 
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Abstract
Articulatory synthesis allows the link between the temporal evolution of the Vocal Tract (VT) shape and the
acoustic cues of speech sounds to be investigated unlike other approaches of speech synthesis. A number of
simplifying assumptions have to be made to enable the speech signal to be generated in a reasonable time. They
mainly consist of approximating the propagation of the sound in the vocal tract as a plane wave, approximat-
ing the 3D VT shape from the mid-sagittal shape, and simplifying the vocal tract topology by removing small
cavities. This work is dedicated to the evaluation of these assumptions. For this purpose 3D MRI VT shapes
for sustained vowels and fricatives were acquired together with the speech sound recorded via an optical mi-
crophone. Vocal tract resonances were evaluated from the 3D acoustic simulation computed with the K-wave
Matlab package from the complete 3D VT shape and compared to those of real speech, those provided by sim-
plified 3D VT shapes (near epiglottis), and those provided by either the electric simulation from the mid-sagittal
shape, or the 2D K-wave package from a mid-sagittal VT shape. We will exploit these results to improve the
simplified acoustic simulations used in articulatory synthesis.
Keywords: Speech, Acoustics, Simulations, 3D MRI

1 INTRODUCTION
Speech synthesis has reached a high level of naturalness through concatenative approachesand more recently
deep learning approaches. Both are based on the use of a large corpus of pre-recorded speech.
The speech corpus has to cover all phenomena that are to be treated. Hence, the more phonetic contexts, speech
styles, expressions, speaker postures, etc the corpus covers, the more natural the synthesized speech. All this
contributes to increasing the size of the corpus.
On the other hand the weakness of those techniques is tightly connected to their dependence on the corpus.
This means that changing the speaker characteristics, adding new expressions, or taking into account speech
production disorders is almost impossible. These techniques do not contribute to the understanding of speech
production and are unable to link an acoustic cue, for example the evolution of frequencies in the vicinity of a
consonant, to their articulatory origin.
Unlike these approaches, which only model the result of speech production, i.e. the acoustic speech signal,
articulatory synthesis [1]–[3] explicitly models the link between the vocal tract, vocal folds and aero-acoustic
phenomena. This is achieved by solving the equations of aerodynamics and acoustics in the vocal tract and
by using its geometry as an input. It should be noted that to facilitate resolution, a plane wave is assumed to
propagate from the glottis to the lips. This simplification is widely used from a practical point of view, although
its precise scope is partly unknown.
The geometry of the vocal tract results from the position of the speech articulators, and thus from the activity
of corresponding muscles. A first solution to model these phenomena is to use biomechanical modeling to
compute the shape of all the deformable speech articulators [4], [5]. This involves modeling the behaviour of
muscles and the properties of muscle tissues in a realistic way before solving the mechanical equations. Despite
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constant progress, this approach is often limited to predicting the position of the jaw and the tongue shape and
it is still unimaginable to use a biomechanical approach to calculate the whole shape of the vocal tract.
For these reasons we prefer to use an articulatory model [6], [7] to compute the vocal tract geometry. Of
course, the articulatory model must provide a geometric description close to reality in order to guarantee a
good quality of synthesis. Similarly to the biomechanical approach, one of the challenges consists of collecting
and processing data to construct the model. As the delineation of the articulators in the MRI images is a task
that requires a certain amount of interpretation of the geometry of the vocal tract and has a very long processing
time, it is often preferable to construct a two-dimensional model in the mid-sagittal plane and then calculate the
transverse area at each point of the vocal tract from the glottis to the lips [8].
To know the impact of the articulatory model and its use in articulatory synthesis, we therefore studied three
questions. The first is the choice of a 2D or 3D model by comparing the synthesis obtained from a 3D volume,
from a 2D sagittal slice completed by the approximation of the 3rd dimension, or finally from a 2D plane wave
with an electric analogy. The second question is whether it is possible to simplify the mid-sagittal slice at
the level of epiglottis and uvula. These approximations are often made because they avoid including additional
cavities in the calculations. The last question is related to the speaker’s position in the MRI machine. This
question is important because the model and acoustic calculations are related to the position the subject adopted
during the recording. This position can change between two sessions and it can also change because another
MRI machine may have been used.

2 MATERIALS AND METHODS
2.1 Data acquisition
For the purpose of this study, we used MRI data part of a study approved by an ethics committee and the
subject gave written informed consent (ClinicalTrials.gov identifier: NCT02887053). The subject used for the
data acquisition is a healthy male French native speaker at the age of 32, without any reported speaking or
hearing problems.
The MRI data was acquired on a Siemens Prisma 3T scanner (Siemens, Erlangen, Germany) with gradient of
80mT/m amplitude and 200mT/m/ms slew rate. We used the 3-dimensional cartesian vibe sequence (T R= 3.75
ms, T E = 1.43, FOV = 199× 220 mm, f lip angle = 9 degrees) for the acquisition. The pixel bandwidth is
445Hz/pixel with an image resolution of 256×174. Scan slice thickness is 1.2 mm and the number of slices
is 120. The pixel spacing is 0.8597 and the acceleration factor is 3 iPAT . The acquisition time was 7.4s which
allows the subject to maintain phonation easily.
The subject’s vocal tract was imaged while he lay supine in the MRI scanner. The recording time for the
subject, including calibration and pauses between phonemes, was 2 hours.
Audio was recorded at a sampling frequency of 16 kHz inside the MRI scanner using FOMRI III (Optoacous-
tics, Or Yehuda, Israel) fiber optic microphone. The subject starts producing the phoneme just before the MRI
recording starts and sustains phonation until the end of the acquisition. The subject wears ear plugs for pro-
tection from the scanner noise, but is still able to communicate orally with the experimenters via an in-scanner
intercom system.
Since the sound is recorded at the same session of the MRI acquisition, there is additional noise in the audio
signal. In order to de-noise it, we used the de-noising algorithm proposed in [9]. The main idea of the algorithm
is based on three steps.

1. Computation of the covariance matrix of the noisy signal.

2. Applying Maximum Likelihood in order to estimate the model parameters from the covariance matrix and
a set of pre-computed models.

3. Applying the computed model to the noisy signal in order to separate the noise from the sound.
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We apply this algorithm to our data using the FASST toolbox [10].

2.2 Segmentation
For the purposes of our experiments, we used the ITK-SNAP software [11] to segment the volume of the vocal
tract. ITK-SNAP provides a great variety of tools for segmenting images, both automatically and manually.
As far as automatic segmentation is concerned, ITK-SNAP implements two active contour segmentation algo-
rithms, region competition and geodesic active contours.
ITK-SNAP also provides the option to use some image processing filters like thresholding the image. At the
next step, the user should specify the initial surface or "seeds" that will eventually expand to cover the whole
segmentation structure. The user can set multiple "seeds" corresponding to the same structure, and as the seeds
evolve during the segmentation process, they will eventually unify and form one region. The fourth and last step
is to specify the parameters of the equation which control how the "seeds" are stretching. Different selections of
parameters will result in changes at the evolution speed or at the behaviour of the contour when it approaches
the boundaries. The automatic segmentation algorithms can be applied both to 2D and 3D images.
For manual segmentation, ITK-SNAP offers two types of tools. The first one is some polygon-based tools where
the user draws dots and the dots are connected with a line to form the segmentation region. The second one is
using a variety of shapes of brushes to paint the segmentation region. The most interesting among them is the
adaptive brush that adjusts itself to follow the image boundaries. The brush tool can be used for both to 2D
and 3D image segmentation.

2.3 Acoustic simulation
For the acoustic simulations, we employ the k-wave Matlab toolbox [12]. This toolbox has a wide range of
applications like photoacoustic tomography, ultrasound wave propagation, and acoustic propagation [13].
Several numerical methods have been developed to solve the partial differential equations of acoustics, like finite
differences, finite elements, and boundary element methods [14]. These methods offer significant advantages as
they can calculate acoustic characteristics accurately and implement frequency dependent losses at boundaries.
However, in many cases these methods are significantly slow. This happens due to the fact that they require
a small time step to achieve a good accuracy and a lot of grid points per wave length. In the method used
by k-wave these problems are solved by interpolating a Fourier series through all of the grid points in order
to get the estimation of the gradient. This approach solves the problems of the previously referred methods as
it a) requires fewer grid points (only two) per wave length since the base function of the Fourier series is the
sinusoid and b) it can be fast since it employs Fast Fourier Transform (FFT) to calculate the amplitudes of the
simulated signals. A problem that arises is that when a wave approaches the computational grid boundaries, it
keeps propagating to the medium by entering from the opposite site of the computational grid. This happens
because of the usage of the FFT algorithm for the computation. To tackle this issue, k-wave adds a specific
type of layer to the boundaries of the computational grid by implementing an absorbing boundary condition,
called Perfect Match Layer (PML), which prevents this phenomenon.
Finally, k-wave toolbox has a great number of parameters that can be customised for a simulation, most of
them concerning the grid and time sparsity, the properties of the mediums, the sensors, the sources, the number
of dimensions (1D/2D/3D), the number of PML, etc.

2.4 Electrical simulation
To perform the electrical simulation we used some of the tools provided from the Xarticul software [15]. Xar-
ticul offers multiple tools like an easy way to delineate and process articulator contours, semi-automatic artic-
ulatory measurements and construction of articulatory models [16]. Xarticul can perform acoustic simulations
from the area function by using the algorithm proposed in [17] which is based on the Transmission Line Circuit
Analog (TLCA) method [18].
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Figure 1. 3D volume of /i/ vowel

3 EXPERIMENTS
We present the way we prepared data for acoustic simulations for the three addressed issues and present results
for the comparison between 2D and 3D only due to space constraints.

3.1 Image segmentation for investigating the impact of 2D or 3D simulations
For the purposes of our experiments, we used five of the vowels from the database described in the previous
section, /a, œ, i, o, u/. First, we processed the images with 3DSlicer [19] (http://www.slicer.org) to apply lanc-
zos interpolation in order to make corrections to the image’s axis. Then, we used the tools provided by the
ITK-SNAP software to automatically segment the 3D volume of the vocal tract and afterwards, we manually
corrected the result. The area of interest begins at the glottis and extends to the lips, at the point where the
lips stop being simultaneously visible at the coronal plane. We used two classes and 10000 points as nearest
neighbours in order to assign each point to the appropriate class for the creation of the probabilistic map, and
10 balls on average per vowel as "seeds" with various sizes based on the region of the vocal tract where they
were placed. Then we applied the active contour algorithm which required between 300− 500 iterations to
cover the whole vocal tract. The amount of iterations is greatly based on the vowel and the initial number,
size and position of the "seeds". For the manual segmentation we used the adaptive brush tool with the default
parameters to acquire the vocal tract mesh (see Fig. 1). Finally we used Meshlab [20] to smooth every mesh
by applying Laplacian smoothing filter with step 3. For each vowel, about 4 hours of processing was required,
with the biggest amount of time spent on the manual segmentation step.

3.2 Image preparation for investigating the impact of the subject’s position in the MRI machine
The data that we used for the experiment is 3D MRI data of the vocal tract of five vowels of French language
/a/, /œ/, /i/,/o/,/y/, in three different head positions: up, natural and down. Using tools provided by ITK-
SNAP, we manually segmented the vocal tract of the mid-sagital slice. We then used meshlab [20] to apply
Laplacian smoothing filtering with a step of 3 to all the images.
In order to measure the head position, we used the measurement proposed in [21]. The main idea is to use
an angle defined by two lines to define the head position. The first line is the one that connects the interior
edge of the C2-C3 cervical vertebrae. The second line is the one that connects the posterior tip of the spinous
process of C1 and the tuberculum sella. As shown in Fig. 2, number 1 corresponds to the first line, number 2
corresponds to the second line, while number 3 corresponds to the calculated angle. We used imageJ software
[22] to manually specify the lines and make the angle computations. The average angle was 144.8± 0.6°,
124.7± 0.8°, 101.3± 1.1°for the up, normal and natural position respectively. Since there is at least 20°of
difference between the three positions, we were expecting to notice some difference in phonation [23].
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Figure 2. 2D segmentation of /o/ (top row) and /i/ (bottom row) vowels at up, normal and down position from
left to right. Lines 1 and 2 are used to define the angle 3 of the head position

3.3 Editing the mid-sagittal geometry at the epiglottis and uvula
In order to investigate the impact of vocal tract shape simplifications we created three more segmentation ver-
sions for every mid-sagittal slice by editing the segmented images (4 images per vowel in total with the orig-
inal). In the first version we removed the epiglottis, in the second we used a constant wall approximation at
velum (by removing the uvula) and in the third version we combined both simplifications (Fig. 3). These three
versions of every vowel along with the original were fed into the simulations.

3.4 Acoustic simulations
For the acoustic simulations, we used k-wave toolbox for Matlab [12]. For every vowel examined, simulations
were carried out in both 2D and 3D. First, the mesh was transformed into a volumetric representation using
voxels. Then we specified the parameters for the 2D and 3D simulations. Since k-wave uses FFT, the number
of grid points was set so as to have low prime factors, ideally a power of 2. For the 3D, we used a grid size
of 128×128×128 grid points (sagittal×coronal×axial) with dx = dy = dz = 1mm. We also used a PML layer
of 10 grid points at the boundaries of every side of the grid, to avoid the wave penetrating the opposite side,
as explained in the previous section.
As a source we used a ball which emits a delta pulse of pressure, spreading equally in all directions. The
source has radius of 5 grid points, amplitude 1 Pa and was placed at input of the vocal tract, which was
specified manually for every vowel.
To record the simulated pressure we used a sensor placed at the end of the vocal tract. The medium proper-
ties inside the vocal tract were cin = 350m/s,din = 1kg/m3 and the properties outside, i.e. in the tissues that
delimit the vocal tract, were cout = 1000m/s,dout = 1000kg/m3, where cin,cout are the speed, and din,dout are
the densities inside and outside the vocal tract respectively. The time step is set according to the two medium
characteristics (here tissues and air) and the accepted value is 3 ∗ 10−8sec to guarantee a good stability. The
amount of time steps computed was 1000001. The maximum allowed frequency of the grid was 175KHz.
For the 2D case, we run the simulations on the y− z plane using a disc instead of a ball on the mid-sagittal
plane of the vocal tract. All the other parameters remained the same between the two simulations. The amount
of time required for the simulation of each vowel is about 75 hours for 3D, while for 2D is approximately 3
hours and 20 minutes. Finally, we calculated the transfer function of every vocal tract and computed their peak
frequencies (see Tab. 1), to compare them with the formants computed with the electrical simulation.
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Figure 3. The four versions of /i/ phoneme (original (top left), without epiglottis top right), without uvula
(bottom left), without uvula and epiglottis (bottom right)

3.5 Electric simulations
For the electric simulations we used the mid-sagittal planes from the 3D MRI acquisition. We used Xarticul
to manually delineate the articulator contours of each vowel Afterwards, we use 40 tubes (4) to estimate the
area function of the vocal tract in order to compute its formants (Tab. 2.a). Finally, we used selective LPC to
compute the formants of the original audio signal (Tab. 2.b).

Table 1. 2D / 3D formants computation from acoustic simulations in Hertz

F1 F2 F3 F4
/a/ 674 / 694 1349 / 1231 3169 / 2545 3642 / 3548
/œ/ 416 / 460 1444 / 1444 2499 / 2544 3471 / 3433
/i/ 337 / 304 2394 / 2207 3136 / 3237 3507 / 3473
/o/ 404 / 440 900 / 787 2728 / 2605 3433 / 2973
/u/ 401 / 422 741 / 850 1980 / 2007 2969 / 3064

Table 2. Comparison between electrical simulation frequencies and values extracted from the speech signal

F1 F2 F3 F4
/i/ 280 1684 2927 3395
/o/ 491 905 2185 3448
/a/ 510 1200 2190 3325
/u/ 405 1182 2034 3422
/œ/ 408 1276 2168 3360

a. 2D formants computation
from electrical simulations in Hertz

F1 F2 F3 F4
/i/ 380 2306 3193 3518
/o/ 430 732 2619 3052
/a/ 689 1296 2604 3413
/u/ 456 797 2016 3025
/œ/ 443 1335 2436 3405

b. Formant determination from original
acoustic signal in Hertz
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Figure 4. Decomposition of the vocal tract into acoustic tubes

4 CONCLUDING REMARKS
The first remark concerns the sounds produced by the speaker in the MRI machine. As shown in Tab. ?? which
gives the average values for French speakers, the measured values are a little far from the expected values. This
is especially true for the first formant of close vowels /i,o,u/ which is higher in frequency. This would mean
that the pharyngeal cavity is smaller due to the subject posture. The visual examination of the images shows
a slightly shifted articulation in some cases, especially for /u/. The second remark is that there is a good
agreement between the results of 2D/3D simulations and the formants F1 and F2 determined from the speech
signal recorded. However, for F3 the 3D simulation turns out to give results closer to those of natural speech
than those of the 2D simulation, probably because the 3D volume gives a geometry closer to the real one.
The third remark concerns the comparison between the 2D/3D simulations on the one hand, and the electrical
simulation on the other hand. It turns out that the electric simulation is not able to reproduce the formants
with as good accuracy as the acoustic simulation. Since there is a good agreement between the 2D and 3D
acoustic simulation, the most probable hypothesis is that either splitting of the vocal tract into small tubes or
the estimation of the area function from the mid-sagittal shape is not completely satisfactory.
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consonants using a vocal tract mapping interface
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Abstract
This paper describes the inverse estimation of vocal tract shape from speech sounds including consonants using
a vocal tract mapping interface. The interface determines vocal tract shape based on formant frequencies of
speech sounds via the interface window, which maps pixel points onto assigned vocal tract shapes. Change in
vocal tract shape for a sound sequence can be observed by the trajectory of pixel points on the window corre-
sponding to the estimated vocal tract shape. This study attempted to inversely estimate vocal tract shapes from
VCV speech sound sequences; estimated trajectories on the window during the VC transition were evaluated
to investigate articulatory behavior. The results showed that voiced consonants had longer trajectory patterns
on the window than unvoiced consonants. Additionally, differences in the following vowel (i.e., the final vowel
V) affected the route of the trajectories for the VC transition. These results suggest that the interface’s inverse
estimation function can be a useful tool for analyzing and investigating vocal tract behavior for speech sounds
including consonants.

Keywords: Speech production, Vocal tract, Inverse estimation, VCV, Coarticulation

1 INTRODUCTION
Effectively representing the vocal tract shape for speech production is useful in understanding the speech produc-
tion process and for developing speech synthesis systems based on speech production mechanisms. A mapping
interface for setting vocal tract–related parameters with minimal effort was thus proposed to enable effective
modeling and easy control of the vocal tract shape. Moreover, a method of inverse estimation of vocal tract
shape from vowel sounds was proposed using the mapping interface [1]. The interface represents an entire
vocal tract shape as a point on the mapping interface window. By moving the point on the window, change in
vocal tract shape can be controlled; inversely, vocal tract shape can be estimated based on a formant frequency
data set. This inverse estimation function provides a new perspective for understanding articulatory behavior via
estimated points on the interface window that symbolize entire vocal tract shapes.

This study attempted to estimate vocal tract shapes from speech sounds including consonants. Although the
mapping interface was developed for vowels and cannot obtain vocal tract shapes for consonants, inverse es-
timation results for the transition from a vowel to a consonant may provide insight into articulatory behavior.
Trajectory patterns on the interface window can thus reveal the characteristics of articulatory behavior depending
on consonants, and the related findings could prove useful for mimicking articulatory behavior using a speech
synthesis model. Therefore, this study investigated the behavior of vocal tract shapes obtained by inverse esti-
mation during VCV utterances.

2 MAPPING INTERFACE [1]
This section provides an overview of the vocal tract mapping interface. The interface window display uses a
pentagonal chart. Vocal tract shapes for the five vowels /a/, /i/, /u/, /e/, and /o/ are located at the vertices of the
pentagonal chart, and the average vocal tract shape for the five shapes is located at the center (origin). The pur-

ogata@cs.kumamoto-u.ac.jp
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Figure 1. A screen capture of the mapping interface window.

pose of the mapping interface is to generate various vocal tract shapes corresponding to arbitrary points on the
interface window using those at the vertices and the center. The mapping interface also has an inverse function
(i.e., acoustic to articulatory mapping). Using this function, change in vocal tract shape can be observed by the
trajectory of the estimated points on the mapping interface window. The first and second formant frequencies
of vowel sounds are used as a data set to estimate the vocal tract.

Figure 1 shows a screen capture of the mapping interface window. In this example, the point on vertex /a/
is chosen by mouse click, and the corresponding vocal tract shape, glottis (left) and lips (right), is displayed as
an acoustic tube under the interface window.

3 METHOD
A digital recorder (Marantz PMD671) with a microphone (SONY ECM-77B) was used to record speech sounds.
The sampling frequency of the digital recorder was 48 kHz. Speech sound files were processed using Praat [2],
and the time sequence of the formant frequencies was obtained as 160 data sets per second for each utterance.

Figure 2 shows an example of speech processing using Praat; Figure 2 (a) displays a speech waveform and
its sound spectrogram with extracted formant frequencies, and Figure 2 (b) shows a magnified portion of (a).
This portion includes the transition of the /ab/ sequence in this example. An extracted formant frequency data
set corresponding to the time where the speech waveform of /a/ was attenuated was used to obtain the end
point of the trajectory pattern. In the figure, a vertical red line indicates the end point time. This study opted
to analyze the VC transition because of its stable formant extraction.

Figure 3 shows an example of the trajectory patterns for the utterance /aba/. The position of the estimated
point for the initial /a/ is close to vertex /a/, and it moves in the direction of vertex /u/. The color of the
points gradually changes from red to white during the utterance. Vocal tract shapes during consonants cannot
be obtained because the mapping interface is designed for vowels, and formant frequencies cannot be obtained
during the closure for consonants. However, although this study focused on the VC transition, estimated points
for the CV transition after the consonant closure are also displayed as a trajectory trend from near vertex /u/ to
/a/.
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Figure 2. An example of speech processing using Praat.

Figure 3. An example of inverse estimation. The trajectory pattern consists of points on the mapping inter-
face window corresponding to estimated vocal tract shapes during the utterance /aba/. Vocal tract shapes are
determined based on formant frequency data sets input into the system.

4 RESULTS
Figure 4 shows the trajectory patterns for /abV/ (V = a, i, u, e, and o) for subject 1. In each figure, trajectory
patterns for the transition part of /ab/ for three trials are shown. Each trajectory pattern is displayed as a line
by connecting the estimated points corresponding to the vocal tract shapes obtained by inverse estimation. The
solid green circles show the vertices and the center (origin) of the pentagonal chart. Because the initial vowel
is /a/, trajectories start their patterns around vertex /a/ for all figures, and the patterns for all three trials are
similar. This similarity suggests high repeatability of the change in vocal tract shape for the same utterance.
To form the lip closure for consonant articulation, the cross-sectional area of the vocal tract around the lips
decreases from initial vowel /a/ to consonant /b/. Because this change is similar to vowel articulation for the
/au/ transition, the estimated trajectory point appears to move toward vertex /u/.

Figure 5 shows the trajectory patterns for /apV/ (V = a, i, u, e, and o) for the same subject 1. High
repeatability of the trajectory patterns for the same utterance over the three trials can also be seen for these
utterances. However, the position of the end points of the trajectory patterns is different from /abV/ (V = a, i,
u, e, and o) utterances. As shown, the end points for the voiced consonant /b/ in Figure 4 are closer to vertex
/u/ than those of the unvoiced consonant /p/ in Figure 5.
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Figure 4. Trajectory patterns for /abV/ (V = a, i, u, e, and o) for subject 1. Patterns corresponding to estimated
vocal tract shapes for the /ab/ transition before the consonant closure are shown by connecting the estimated
points. The results for each of the three trials are indicated by different colors.

Figure 5. Trajectory patterns for /apV/ (V = a, i, u, e, and o) for subject 1. Patterns corresponding to the
estimated vocal tract shapes for the /ap/ transition before the consonant closure are shown by connecting the
estimated points. The results for each of the three trials are indicated by different colors.
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Figure 6. Typical trajectory patterns for /abV/ and /apV/ (V = a, i, u, e, and o) for subject 1. Patterns for the
/ab/ and /ap/ transition before the consonant closure are shown by connecting the estimated points.

Figure 7. Typical trajectory patterns for /abV/ and /apV/ (V = a, i, u, e, and o) for subject 2. Patterns for the
/ab/ and /ap/ transition before the consonant closure are shown by connecting the estimated points.

Figure 6 shows the trajectory patterns for /abV/ and /apV/ (V = a, i, u, e, and o) for subject 1. In each
figure, a typical trajectory pattern was chosen from among the three trials for each utterance, and the five
patterns are displayed in different colors. Comparison of (a) /abV/ and (b) /apV/ clearly shows the difference in
the position of trajectory pattern end points between the voiced and unvoiced consonants. Moreover, differences
in trajectory route can be seen according to the final vowel V. For instance, the pattern for /abi/ (blue) is
close to the center (origin), whereas the patterns for /aba/ (red) and /abo/ (light blue) are close to vertex /o/.
This dependency on the following vowel suggests preparation for articulation of the vowel. In other words,
anticipatory coarticulation effects [3] can be clearly seen in the variation of the trajectory patterns.

Figure 7 shows the trajectory patterns for /abV/ and /apV/ (V = a, i, u, e, and o) for subject 2. Comparison
between (a) /abV/ and (b) /apV/ also shows that the trajectory pattern end points for the voiced consonant /b/
are closer to vertex /u/ than those for the unvoiced consonant /p/.

Figures 8 and 9 show the trajectory patterns for /agV/ and /akV/ (V = a, i, u, e, and o) for the subjects
1 and 2. Comparison of (a) /agV/ and (b) /akV/ similarly shows that trajectory pattern end points for the
voiced consonant /g/ are closer to vertex /u/ than those for the unvoiced consonant /k/. The trajectory patterns
in each figure also show dependency on the following vowel. The sequences with /i/ as the following vowel
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Figure 8. Typical trajectory patterns for /agV/ and /akV/ (V = a, i, u, e, and o) for subject 1. Patterns for the
/ag/ and /ak/ transition before the consonant closure are shown by connecting the estimated points.

Figure 9. Typical trajectory patterns for /agV/ and /akV/ (V = a, i, u, e, and o) for subject 2. Patterns for the
/ag/ and /ak/ transition before the consonant closure are shown by connecting the estimated points.

show trajectories with a route closer to the center (origin) of the chart, as compared to the sequences with other
following vowels. In contrast, the trajectories of sequences with /o/ as the following vowel pass through routes
close to vertex /o/. Compared to subject 2, trajectory patterns for subject 1 are more distant from vertex /o/,
especially for utterances with /a/ and /o/ as following vowels. Because approaching vertex /o/ from /a/ causes
a decrease in lip area [1], this tendency demonstrates a difference in the degree of lip constriction between the
subjects.

Figures 10 and 11 show the trajectory patterns for /adV/ and /atV/ (V = a, i, u, e, and o) for subjects 1
and 2. Comparison of (a) /adV/ and (b) /atV/ shows that in most cases, the trajectory pattern end points for
the voiced consonant /d/ are closer to vertex /u/ than those for the unvoiced consonant /t/. The distribution
of trajectories on the interface window according to following vowel is wider for subject 2 than for subject 1,
demonstrating a different tendency between the subjects—namely, individual differences are shown compared to
the other utterances of /abV/, /apV/, /agV/, and /akV/. However, both subjects show a tendency in which tra-
jectories for utterances with following vowel /i/ are located in the upper part of the interface window compared
to utterances with following vowel /o/.

Thus, on the interface window, all consonants used in this study showed a trajectory from vertex /a/ to

6857



Figure 10. Typical trajectory patterns for /adV/ and /atV/ (V = a, i, u, e, and o) for subject 1. Patterns for the
/ad/ and /at/ transition before the consonant closure are shown by connecting the estimated points.

Figure 11. Typical trajectory patterns for /adV/ and /atV/ (V = a, i, u, e, and o) for subject 2. Patterns for the
/ad/ and /at/ transition before the consonant closure are shown by connecting the estimated points.

vertex /u/ as a main trend, with route deviations depending on the following vowel.
Figure 12 shows examples of the vocal tract shapes for the trajectory end points for the utterances /aga/

(red) and /agi/ (blue) in Figure 9 (a). In this system, vocal tract shape is parameterized by 20 cross-sectional
areas and the vocal tract length. To produce the consonant closure for /g/, the vocal tract changes its shape
from the vowel /a/ to /g/. For each utterance, the figure illustrates the constriction of the vocal tract at the
front cavity just before the consonant closure. As shown, the vocal tracts have unique shapes and positions of
constriction depending on whether the following vowel is /a/ or /i/ (9th and 6th section from the lips for /aga/
and /agi/, respectively). This difference suggests an effect of the following vowel on articulatory movements
before the intervocalic consonant closure.

5 CONCLUSIONS
This paper described inverse estimation of vocal tract shape from speech sounds including consonants using a
vocal tract mapping interface. Changes in vocal tract shape during the VC transition in VCV sequences were
estimated, and the corresponding trajectory patterns on the interface window were evaluated. Each utterance

6858



Figure 12. Vocal tract shapes for trajectory end points for the utterances /aga/ and /agi/ in Figure 9 (a). The
diameter of the vocal tracts, consisting of 20 cascaded acoustic tubes, is displayed: glottis (left) and lips (right).

demonstrated high repeatability of trajectory pattern over three trials. Sequences with voiced consonants had
longer trajectory patterns on the window than those with unvoiced consonants. The results also showed that
differences in the following vowel (i.e., the final vowel V) affected the route of the trajectory patterns for the
VC transition. These results suggest that the inverse estimation function of the mapping interface can be a
useful tool to analyze and investigate vocal tract behavior for speech sounds including consonants.
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ABSTRACT 
The present work aims to characterize Brazilian Portuguese speech in realistic environments by means of 
acoustical parameters and subjective perception, hoping to provide data for research on auditory prostheses. 
Speech signals were recorded in several non-controlled environments such as restaurants, classrooms and 
stores. Sound pressure level, loudness and spectral content were extracted for speech and background noise 
separately by using recording segmentation and spectral subtraction. Subjective perception was analyzed by 
applying listening tests with samples from the recordings. Data analysis showed an increase of 0.6 dB in the 
speech’s SPL per each dB increase in the background noise’s SPL and a great difference in overall loudness 
between the quietest and the noisiest environments. SPLs were also mostly coherent to those previously 
reported in the literature for the same type of environment. The listening tests’ results, while also greatly 
influenced by personal taste, showed that the annoyance caused by background noise, impairment in speech 
intelligibility, and the effort to understand speech were correlated to the background noise level and the SNR. 
In general, the environments perceived as the most critical for spoken communication were those in which 
background noise presents the highest energy concentration in the spectral region of speech.  
 
 
Keywords: Speech recordings, Acoustic parameters, Subjective tests 

INTRODUCTION 
Auditory prostheses, such as hearing aids (HA), middle ear implants and cochlear implants (CI) 

are essential for hearing impaired individuals worldwide. They offer a better hearing experience in 
the user's everyday life and can provide an increase in life quality. However, even if auditory 
prostheses possibly help in increasing audibility and speech intelligibility in quiet environments, it 
can be seen that users usually still experience problems in environments with significant background 
noise and reverberation (1) or in situations with several speakers talking simultaneously.  

As these characteristics are very frequent in daily life, it is necessary to study the acoustical 
characteristics of speech and background noise in everyday situations and its influence on subjective 
perception, in order to help developing prostheses which are more adapted to realistic acoustical 
scenarios. This is even more urgent for Brazilian prostheses' users, due to the lack of research on this 
topic considering Brazilian Portuguese speakers, Brazilian environments and the peculiarities of their 
cultural and socio-acoustical contexts. 

In this work, recordings of speech signals were obtained in multiple non-controlled environments 
common to everyday life, such as classrooms, restaurants and commercial establishments. Speech and 
background noise levels were extracted from the recordings, analyzed and compared with previously 
obtained data (2, 3, 4). Loudness levels and spectral content for speech and background noise were 
also computed. Lastly, listening tests were performed using sound samples from the recordings to 
verify the association between subjective perception and acoustic parameters. 

                                                        
1 ticiana@poli.ufrj.br 
2 stephan.paul@ufsc.br 
3 wagner@smt.ufrj.br 
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1. METHODS 

1.1 Extraction of acoustic parameters 
First, calibrated binaural speech signal recordings were obtained in seven restaurants (R1–R7), 

five classrooms (C1–C5), four commercial establishments inside a shopping mall (M1–M4), a living 
room in a domestic environment (LR1, LR2), an airport's boarding area (A1) and several environments 
within a university campus (O1–O3). The recordings were then divided into small segments where the 
main speaker's speech is present (regarded as "speech segments") and segments where it is absent and 
there is only background noise, composed by all the other sound sources in the acoustic scene, 
including other people's voices (regarded as "non-speech segments"). This allowed the extraction of 
acoustic parameters of speech and background noise separately. The segments were cut alternately 
(non-speech, speech, non-speech,...) and have durations which span from tens of milliseconds up to 
one minute. This was done manually with the HEAD Acoustics' Artemis SUITE® software. 

Sound pressure level estimates were then obtained for speech and background noise for each 
recording, or part of recording. The calculations were done equally for A and C frequency weightings 
(5). An equivalent background noise level 𝐿 , ,   was obtained for the set of non-speech 
segments (NS), and an equivalent overall level 𝐿 , ,  , which corresponds to the main 
speaker's speech and background noise combined, was obtained for the set of speech segments (S) in 
the recording. Letter X here is a placeholder for A- or C-weighting generically. Therefore, a 
background noise SPL estimate 𝐿 , ,  is calculated for a speech segment 𝑖 based on the previous 
and subsequent non-speech segments, respectively, as follows: 

𝐿 , , , = 10log [1/2(10 . , , , + 10 . , , , )] (1) 

A SPL can now be estimated for the sole speech contribution in this segment: 

𝐿 , , , = 10log [1/2(10 . , , , − 10 . , , , )] (2) 

This procedure was done for each group of three segments in the sequence NS−S−NS (non-speech, 
speech and non-speech segment, respectively), regarded as triples, inside each recording, and for A 
and C weightings. In some cases, the energetic mean that corresponds to the background noise level 
estimate 𝐿 , ,   in the speech segment was found to be greater than the segment's total level 
𝐿 , , , when the latter is smaller than the total levels of the adjacent non-speech segments. 
These cases, which are less than 5% of all the segments, were considered invalid and removed from 
the sound pressure level analyses. 

Overall Zwicker loudness over time for each recording was also calculated, which allowed to 
obtain an equivalent loudness for background noise for non-speech and speech segments. This was 
done with a similar method to that described in Equations 1 and 2, but using the arithmetic instead of 
the energetic means. The impossibility to isolate the loudness contribution of speech alone due to the 
complexity of the loudness model allowed only a comparison between the background noise loudness 
𝑁 ,   and the overall loudness 𝑁 ,   of the speech segment, composed by background 
noise and the main speaker's speech. 

Lastly, estimates of the speech and background noise spectra were obtained for each recording, 
with unweighted SPLs (5). An equivalent background noise spectrum for each recording was obtained 
as an energetic mean of the spectra of the recording's non-speech segments (which carried information 
of background noise only). The same procedure was repeated for the speech segments, generating an 
equivalent spectrum for the speech and background noise combination. This allowed an estimation 
for the recording's equivalent speech spectrum by using the spectral subtraction procedure described 
in Equation 3, where 𝑖  is a spectrum bin, 𝐿   is the bin's total level, 𝐿   is the bin's 
background noise SPL and 𝐿  is the computed speech SPL. A factor 𝛽 = 0.01 was chosen empirically 
to correct occasional results below 0 dB. The resulting spectrum is then trimmed to the fundamental 
frequency region (approximately 100 Hz for men and 200 Hz for women), removing frequency content 
below the fundamental frequency. 

𝐿 , =  
10 log(|𝛽 ∙ 10 . , |) , if 10 . , − 10 . , < 0;

10 log(10 . , − 10 . , ) ,   otherwise.
 (3) 
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1.2 Listening tests 
In order to analyze the relationship between acoustic parameters and subjective perception, a 

listening test was implemented with 23 audio samples from some of the previously obtained 
recordings. The listening test was completed by 22 students of the Federal University of Rio de 
Janeiro−eight women and fourteen men−aged between 22 and 29, who reported no hearing loss. The 
tests were conducted in an acoustically treated room. Each subject should listen to the audio sample, 
always played back over the same circum-aural headphones, with calibrated volume and preservation 
of the two original audio channels. Answers were collected by a computer interface. 

Before starting the tests, all subjects read a manual containing all the procedure's instructions. The 
manual made explicit that there was always a main speaker in each sample, whose voice was in the 
foreground and who spoke most of the time, even if there were occasionally other speakers in the 
background. Each sample had at least one and no more than two main speakers. Subjects were 
therefore instructed to identify the main speaker in the sample and answer the items considering the 
main speaker's speech as reference. Voices from other speakers eventually present in the sample 
should be then considered background noise, along with the other sounds in the sample. 

The test's interface allowed a sample to be played as many times as desired and displayed three 
items (questions):  

1. What is the degree of annoyance of the ambient noise, disregarding the main speaker's speech? 
2. To which degree is the intelligibility of the main speaker's speech hindered by the ambient 

noise? 
3. How much effort is required to understand the content of the main speaker's speech? 
Each item was associated to a line scale whose ends were labeled NONE/NOTHING and 

EXTREME/EXTREMELY. The subject was instructed to place the cursor at the position in the scale 
which best represented his/her perception. The interface also displayed an "Observations" field, which 
could be optionally completed in case the subject desired to make comments or share any impressions 
regarding the sample. 

The complete test featured twenty-three runs, each run with one audio sample of about 30 seconds. 
The first three runs were used for training and therefore removed from the results. The next twenty 
samples were then played in random order. 

2. RESULTS AND DISCUSSION 

2.1 Analysis of acoustic parameters 

The A- and C-weighted speech SPL 𝐿 , ,  and noise SPL 𝐿 , ,  obtained by Equations 
1 and 2 for each speech segment are plotted in Figure 1. An approximately linear relationship between 
the two variables can be seen for both weightings. Linear regressions were performed with the least-
squares method, in which 𝑅  is the squared Pearson's linear correlation coefficient (6). 

 

    

(a) A-weighting (b) C-weighting 

Figure 1 – 𝐿  versus 𝐿 . Each environment type is represented by a particular color. Speech SPL as a 

function of noise SPL shows a growth rate of 0.6 dB/dB. 𝑅 > 0.7 for both weightings. 
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Both graphs show a 0.6 dB increase in speech level for each dB increase in noise level. This rate 
corresponds to that found in Pearsons et. al.’s study (2), in which A-weighted speech and noise SPLs 
were measured in many different environments. For background noise SPLs above 48 dB(A)−which 
is the case for all environments studied here−the authors observed this same rate of 0.6 dB/dB for all 
face-to-face communication situations in all environments with the exception of classrooms. This rate 
does not apply to each environment type in this work separately, but to the entire set of points that 
represent the noise and speech levels in all environments. Due to the similar relations found for both 
A- and C-weightings and to the comparison with other studies which use A-weighting only, it was 
decided to present only the A-weighted sound pressure levels for the subsequent sound pressure level 
analyses shown in this article. 

Table 1 shows the arithmetic means 𝐿 ,  and 𝐿 ,  in some of the environments. The 
table also shows some speech and noise SPLs found in other studies for comparison: “Living room 
(casual talk)” and “Shopping mall (stores)” are compared to the levels obtained by Pearsons et. al. (2) 
for domestic environment and department stores, respectively; “Restaurants”, to those of To and 
Chung (3); “Shopping mall (snack bar)”, to an average of the noise levels measured in the food courts 
of four shopping malls by Carvalho and Pereira (4); and “Classrooms”, to the averages of speech and 
noise levels found for two classrooms in Pearsons et. al. (2) for a speaker-listener distance of 7 meters. 
Restaurants are classified by occupational density, considered, according to To and Chung's criteria 
(3), as high (80-100% occupation), medium (60-79%) or low (40-59%). Speakers and listeners are at 
face-to-face communication distance in most situations (0.3−1 m), with the exception of the classroom 
scenario (5−9 m) and the living room scenario, in which the distance is 1 meter for the measurements 
in Pearsons et. al. (2), and within the range of 2 to 5 meters in the recordings performed in this study. 

Table 1 – Average speech and background noise levels in different environments 

Environment 𝑳𝑨𝐞𝐪,𝐧𝐨𝐢𝐬𝐞/Other studies (dB(A)) 𝑳𝑨𝐞𝐪,𝐬𝐩𝐞𝐞𝐜𝐡/Other studies (dB(A)) 

Restaurants (high) 79/77 (3) 78/78.58 (3) 

Restaurants (medium) 76/73 (3) 77/75.53 (3) 

Restaurants (low) 68/69 (3) 74/72.83 (3) 

Living room (casual talk) 46/48 (2) 64 (2-5 m)/57 (1 m) (2) 

Shopping mall (stores) 70/54 (2) 74/61 (2) 

Shopping mall (snack bar) 83/69 (4) 82 

Classrooms 56.2/51 (2) 63.1/59.5 (2) 

 
Substantial differences between levels measured in this and other studies can be seen for the 

shopping mall environments (stores and snack bar). For stores, in particular, a higher concentration 
of people and loud music in the background could be possible causes for the higher speech and noise 
SPLs in this work, in comparison to those present in that type of environment by the time of Pearsons 
et. al.'s work (2), in 1977. The noise SPL found in this study for the snack bar, on the other hand, is 
more similar to that found in highly occupied restaurants in To and Chung (3) and to that measured in 
food courts by Carvalho and Pereira (4). A possible cause for the higher speech SPL in the living room 
in comparison to that of Pearsons et. al. (2) was the raised vocal effort used by the speaker in this 
study, who was also further away from the listener. 

Speech and noise SPLs in classrooms also have slightly greater values in comparison to those of 
Pearsons et. al. (2). The acoustical conditions of the classrooms in that study is unknown, but climate 
differences between United States and Brazil suggest that the classrooms used by Pearsons et. al. for 
measurements had no influence of air conditioner or fan noise, and probably feature better sound 
absorption and sound insulation, which also reduce the influence of external noise. 

The relation between the background noise loudness and the total loudness is also similar to that 
found for speech and background noise SPLs. There is a growth rate of 1.1 sone/sone for the total 
loudness as a function of the background noise loudness. For the quietest places, such as classrooms, 
there is an average total loudness of 16 sone, against 9 sone from background noise only. In the 
noisiest restaurants, on the other hand, the total loudness can exceed 60 sone, while background noise 
loudness can be of 50 sone or even higher. Therefore, background noise in the noisiest environments 
of this study can be perceived as up to six times louder than that found in the quietest ones. 
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The speaker’s contribution to the total loudness, however, decreases as the background noise 
loudness increases. One could understand that, in an already very noisy place, a small increase in the 
total sound energy produced by the speaker’s voice would not make as much of a difference for the 
listener’s sound volume sensation as it would in a very quiet place. For the quietest environments 
studied here, background noise loudness corresponds to 50% of the total loudness, while it is only 
17% smaller than the total loudness in the noisiest environments. 

The 1/3-octave spectra also illustrate the acoustical differences within the environments and 
situations, as can be seen in Figure 2, for six different situations: living room in a casual talk situation 
(LR1), living room in a party conversation situation (LR2), a teacher giving a lecture in classroom 
C1, a speaker talking to his listener across the table in restaurant R4, a face-to-face communication 
inside a shopping mall boutique (M1), and the voice transmitted through loudspeakers announcing 
flights inside a boarding area of an airport (A1). Quiet environments, such as classrooms and the 
living room in the casual talk situation, have in common a “flatter” background noise spectral shape, 
clearly distinguished from the speech’s spectral shape; speech SPLs rise clearly above background 
noise SPLs in most, if not nearly all, 1/3-octave bands. Even so, a great individual difference between 
speakers could be seen for some classrooms, such as classroom C5, which had a teacher and a student 
making a presentation speaking at the same position in front of the class in different moments of the 
same lecture. As seen in this example, different talkers in the same classroom produced different 
shaped speech spectra and each had a different average speech level. 

Background noise in the noisier environments, such as restaurants, shopping mall establishments 
and the boarding area of an airport, on the other hand, had a more complex spectral shape. It can be 
seen that background noise in those places exhibits a high energy concentration in the same spectral 
band as speech, between 100 and 2000 Hz, approximately. Speech is then largely masked by 
background noise, which explains the speaker’s need to often raise his voice significantly in an 
attempt to be heard and understood (Lombard effect). Sound sources in those noisy environments 
which contribute to the increase in background noise are often music (in case of stores, restaurants 
and the home party), typical noises associated to that environment (e.g. the sound of dishes and cutlery 
in restaurants), and lastly, and mainly, other people’s voices in the background. The simultaneous 
speech of multiple background talkers is the main factor for the energy accumulation of background 
noise in the spectral region of the main speaker’s speech and for approximating the spectral shape of 
background noise to the spectral shape of speech itself. This can potentially cause confusion in the 
listener, worsen the communication conditions and speech intelligibility. 

                

                

Figure 2 – Spectra of background noise (dotted line, black) and speech (solid line, blue or red) for some 

environments. 
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2.2 Subjective perception 
The cursor positions chosen by the test subjects as answers for the three items in each test run were 

converted to integers between 0 (corresponding to the NOTHING end) and 100 (corresponding to the 
EXTREME/EXTREMELY end). The answers of each subject were analyzed. One of the criteria to 
consider a subject’s response as an outlier was the presence of something that evidenced a lack of 
correct understanding of the test instructions. According to this, responses of two subjects were 
considered as outliers and removed from the data set, given that the incoherence in their answers 
seemed to show and their noticeable discrepancy with the other subjects’ answers evidenced a 
difficulty in understanding the items’ meanings and the line scales. 

Problems with the identification of the main speaker occurred only for the sample A1 (airport), in 
which the main speaker actually corresponded to the voice announcing the flights through the 
loudspeakers, instead of any other speaker in the background, which confused some of the subjects. 
Due to this, only the answers of nine participants that had been explicitly warned about this detail 
before the test run were considered for this sample. 

Figure 3 shows the average values and the standard deviation for the answers to each item. 
Classrooms C1, C2, C4 and C5 have two samples each. When there is the same main speaker in both 
samples, samples are distinguished by letters “a” and “b”. When each sample has a different main 
speaker, a number is used (e.g. C1.1 and C1.2 refer to Speaker 1 and 2 in the same classroom at 
different moments). There is a large standard deviation for most items, showing the differences in 
individual perception. Even so, the average values behaved similarly to what was expected, with the 
most critical scenarios such as those in restaurants and at the snack bar inside the shopping mall (M4) 
receiving the worst (highest) grades in all items. 

 

Figure 3 – Average punctuation per sample, for all three items. 

There is strong correlation between the average grades of Items 2 and 3 (𝑟 = 0,97, 𝑝 < 0,05), Items 
1 and 2 (𝑟 = 0,84, 𝑝 < 0,05), and Items 1 and 3 (𝑟 = 0,72, 𝑝 < 0,05). As expected, a high degree of 
annoyance by the background noise is associated to greater impairment in speech intelligibility and 
greater effort to understand speech. On the other hand, a great amount of effort to understand speech 
is usually, but not always, associated to annoying background noise. 

A demonstration that a great amount of effort to understand speech is not always related to 
background noise itself are the grades given to samples C5.1 and C5.2. Grades given to sample C5.2 
are noticeably better (lower) due to the higher speech SPLs and better utterance of Speaker 2 (student), 
in comparison to Speaker 1 (teacher), even though background noise is low, not annoying and almost 
identical in both samples. Other cases which received moderately high grades for Item 3 despite 
receiving low grades for Item 1 have these grades possibly related to the speaker’s utterance, speech 
speed, speech style and, in some cases, accent. For classrooms, a possible influence of reverberation 
time in speech intelligibility was also presumed. 
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On the other way around, grades given for Item 1 were higher than expected for cases which 
received moderately high grades for Items 2 and 3 – mainly, when the speech level is pretty low. This 
could mean that background noise may become more annoying simply by the fact that the listener 
cannot understand the speaker well enough. 

Also very important was the influence of personal taste. Party noise in sample LR2 and the 
background music inside the boutique in sample M1, for example, were extremely annoying for some 
subjects, while others considered them actually not annoying at all. Some subjects reported 
impressions in the “Observations” field that also showed interesting aspects of subjective perception, 
such as annoyance caused by the cutlery noise in restaurants and by air conditioner noise in classrooms, 
sleepiness caused by softly-speaking teachers in classrooms and even having a hard time not 
concentrating on the music in the background in some samples. 

Lastly, the grades given to each sample were compared to the previously obtained acoustical 
parameters and spectra of the corresponding recordings. Since the samples were chosen and edited in 
length for the listening tests after the acoustical parameter extraction from the recordings had already 
been made, and since a repetition of this procedure for the samples themselves could not be done for 
logistical reasons, the comparison was made with previously measured parts of the recordings which 
had the largest possible overlap with the samples created for the listening tests. Table 2 shows the 
correlation of the average grades received by the samples to the average speech and background noise 
SPLs, to the signal-to-noise ratio, to the average total loudness 𝑵𝐞𝐪,𝐬𝐩𝐞𝐞𝐜𝐡 𝐧𝐨𝐢𝐬𝐞 and to the background 
noise loudness 𝑵𝐞𝐪,𝐧𝐨𝐢𝐬𝐞 , found for the parts of the recordings representing the samples. 

Table 2 – Correlation of average grades given to Items 1, 2 and 3 and acoustical parameters 

 𝑳𝑨,𝐞𝐪,𝐬𝐩𝐞𝐞𝐜𝐡 𝑳𝑨,𝐞𝐪,𝐧𝐨𝐢𝐬𝐞 SNR 𝑵𝐞𝐪,𝐬𝐩𝐞𝐞𝐜𝐡 𝐧𝐨𝐢𝐬𝐞 𝑵𝐞𝐪,𝐧𝐨𝐢𝐬𝐞 

 𝑟 𝑝 𝑟 𝑝 𝑟 𝑝 𝑟 𝑝 𝑟 𝑝 

Item 1  0.82 <0.05 0.95 <0.05 -0.71 <0.05 0.95 <0.05 0.96 <0.05 

Item 2 0.49 <0.05 0.74 <0.05 -0.77 <0.05 0.66 <0.05 0.75 <0.05 

Item 3 0.3 0.2 0.59 <0.05 -0.74 <0.05 0.56 <0.05 0.61 <0.05 

 
Item 1 is strongly correlated to all parameters, and mostly to those directly related to background 

noise itself. This shows that, indeed, the degree of annoyance caused by background noise is mostly 
proportional to the A-weighted background noise SPL. Nevertheless, it is important to note that the 
average sample duration of 30 seconds gives a very short time for the listener to accommodate himself 
to the ambient noise. With a longer accommodation time, grades given to the degree of annoyance 
caused by the background would be possibly lower. The listening test situation is also an artificial 
scenario, in which the subject focuses his attention to elements to which he otherwise would not in 
real situations. It must be considered once again that factors other than SPL and loudness can be 
related to annoyance, such as the timbre, the nature of the noise, and personal taste of the listener. 

Item 2, while also strongly correlated to background noise SPL and loudness, is most strongly 
correlated to the SNR, and Item 3 is only strongly correlated to the SNR. These items, therefore, do 
not particularly relate to speech or background noise alone, but mainly to the way speech and 
background noise interact with each other–the more masked speech is by background noise, the more 
damaging background noise is to intelligibility, and the more effort is required by the listener to 
understand speech, even if background noise itself is not that loud after all. 

A final comparison can be made between the grades and the average spectra of speech and 
background noise of the corresponding recordings, or parts of recordings representing the samples. 
The listening test grades tended to be always better (lower), especially for Items 2 and 3, for situations 
in which the background noise spectrum does not have as much energy concentration in the spectral 
region of speech or as much of a similar shape to that of the speech spectrum, as can be seen in Figure 
2 for the casual talk situation in the living room (LR1) and for the conversation inside the boutique 
(M1), respectively. 

In the noisiest environments, such the restaurants, the snack bar inside the shopping mall and the 
airport boarding area, the main factor for the bad (high) grades in all three items is the fact that 
background noise in those recordings is mainly composed by other people’s speech. The great amount 
of information sharing a similar spectral content to that of the main speaker’s speech masks the main 
speech considerably. As can be seen in Figure 2 for restaurant R4 and the airport boarding area (A1), 
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the background noise spectrum in those cases is similar both in the 1/3-octave band levels and in 
shape to the main speech spectrum itself (higher levels between 100 and 2000 Hz, with a local 
maximum between 500 and 1000 Hz). As expected, this effect in fact contributed to confusion and 
discomfort felt by the listeners, represented by the subjects. 

All the spectra obtained from the recordings and used for comparison with the listening test results 
can be found in De Lello (7), as well as the entire work description in more detail. 

3. CONCLUSIONS 
This paper aimed to characterize Brazilian Portuguese speech in real world environments by 

analyzing both the acoustical parameters and subjective perception regarding speech and background 
noise of binaural recordings obtained in several such environments. 

Results showed mostly similarities in speech and background noise SPLs with data obtained by 
other researchers and reported in the literature. SPLs were also coherent to the loudness values. 

Listening test results evidenced a tight relationship between the annoyance caused by background 
noise and its sound pressure level, while reduction in speech intelligibility caused by background 
noise and the effort to understand speech had a strong correlation to the SNR. Situations in which 
background noise has a high energy concentration in the spectral region of speech were perceived as 
the most critical for spoken communication. 

Future works on this subject must consider a more detailed analysis of the social, behavioral and 
architectural factors in these spoken communication contexts, as well as a greater diversity of 
Brazilian Portuguese accents, given that this study was conducted in Rio de Janeiro and had mostly 
representatives of the local accent. Some tasks to be accomplished are extracting more information 
from the speech signal, relating it to vocal effort; identifying the most prominent frequency regions 
of speech in each type of environments; verifying the influence of diction, speech speed and accent 
in speech comprehension; and considering the influence of reverberation time in speech intelligibility. 

The knowledge obtained on this subject could then contribute to the development of more adapted 
auditory prostheses for hearing impaired people in Brazil and abroad, capable of providing users a 
more comfortable and natural experience in everyday life communication situations. 
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Abstract
In Mandarin, when a word is spoken with a longer duration, different regions of it are not stretched uniformly.
Moreover, transition between consonants and vowels may be hard to define. Therefore, it is challenging to find
the stretchable regions of words automatically. In this paper, we explore the idea of parsing a Mandarin word
into the part that should be played with the original speed followed by a uniformly-stretchable region. Then, the
optimal dividing point to start stretching could be determined automatically by minimizing the distance between
the stretched version (generated by computer) and a ground truth (spoken by human). A database of 42 pairs
of regular-speed and slow utterances were created. The dividing points on the regular-speed utterances were
found as proposed. The points could be aligned to words with the same pronunciations in full sentences by dy-
namic time warping, and the sentences could be synthesized with arbitrary tempo and rhythms. The naturalness
of stretching by three methods was evaluated subjectively: uniform stretching by waveform similarity-based
overlap-add (WSOLA), uniform stretching based on linear interpolation in the vocoder domain (LI-VD), and
the proposed strategy. 79.6% of answers chosen by 41 subjects show that our method outperforms.
Keywords: Speech, time-scale modification, Mandarin, vocoder

1 INTRODUCTION
Time-scale modification (TSM) algorithms have been investigated and improved for the purpose of speech
stretching for more than 20 years (1, 2). Among these methods, waveform similarity-based overlap-add (WSOLA)
algorithm and phase vocoder are commonly applied in time and frequency domain, respectively. WSOLA al-
gorithm selects the composite signal with the previous frame during each iteration; the most similar frame is
combined with the next one of audio data to ensure signal continuity. The core of phase vocoder is the short-
time Fourier transform (STFT). The STFT converts a time domain representation of signal into a time-frequency
representation, thus allowing modification to the amplitude or phase of specific frequency components before re-
synthesis back to the time domain by the inverse STFT. In particular, the time evolution of the resynthesized
signal can be changed by means of modifying the time position of STFT frames prior to re-synthesis, so time-
scale modification can be achieved (3). Speech stretching techniques have also been applied to speech-to-singing
synthesis (4, 5), where rhythm and melody are added by TSM and pitch shift respectively to speech utterances.
However, stretching uniformly on speech may cause unnaturalness since the vowel part could be stretched a
lot but the consonant part should not. A non-uniform time-scaling algorithm has been proposed to preserve the
quality of the speech by applying vowel detection (6). For Mandarin as well as in other languages, automatic
parsing speech into vowel and consonant parts is still an active research area (7, 8). In addition, because of
the transition between consonants and vowels, an appropriate stretch region may also include non-vowel region
of utterance. In this paper, we propose a non-uniform stretch method to find ‘optimal solution’ for stretching
Mandarin speech, and demonstrate the results by adding rhythm and tempo in the spoken sentences. A high
quality speech analysis/synthesis tool called World vocoder is used to extract speech features (9), namely the
fundamental frequency (f0), the spectral envelope (SP) and the aperiodic parameter (AP). They are estimated by
HARVEST (10), CheapTrick (11) and D4C (12) algorithms, respectively.

∗Email: phycause@gapp.nthu.edu.tw
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The rest of this paper is organized as follows. In Sec. 2, the proposed algorithm to decide the stretch region
is described. Sec. 3, data preparation and recording process are introduced. Sec. 4 includes the result chart of
subject listening tests. The pros and cons of the proposed work are summarized in Sec. 5.

2 PROPOSED STRATEGY
The goal of our strategy is to find the optimal stretchable region of utterances and add rhythm to a sentence of
spoken speech. In this section, we will give an overview of the method at first, and describe the details in the
following paragraphs.

2.1 Overview
An overview of the proposed framework for natural Mandarin spoken word stretching is shown in Figure 1. It
consists of dictionary creation and signal modification. In the dictionary creation part, pairs of regular-speed and
slow utterances are recorded and analyzed by the World vocoder. Two examples of the features extracted by the
vocoder, which are SP and AP, are shown as Figure 2. Next, the regular-speed utterance which is stretched by
linear interpolation in the vocoder domain (LI-VD) is compared to the slow-speed utterance in the SP domain.
Among all possible choices of the stretch region, we can find the optimal one which has minimum loss between
the SP of the stretched regular-speed and the slow-speed utterances, and the optimal dividing point is defined to
be the beginning of the optimal stretch region. In the signal modification part, the spoken sentence is segmented
into utterances at the beginning. Then, the optimal point of each spoken word in full sentences are aligned with
regular-speed utterances having same pronunciations by dynamic time warping (DTW). Furthermore, the optimal
region of speech is then stretched by LI-VD in accordance with specific rhythm and tempo. The last step is to
synthesize and concatenate the stretched Mandarin speech to form a full sentence.

2.2 Time stretching
Linear interpolation in the vocoder domain (LI-VD) is used to stretch the spoken word. In this method, the
speech features are extracted by World vocoder, and the features are interpolated along the time axis linearly.
Then, the time domain stretched signals are synthesized by the vocoder.
To describe it more precisely, suppose that a vector-valued time series γγγ = (γ1,γ2, ...,γp) is given and the corre-
sponding time of occurrence is ttt = (t1, t2, ..., tp). We can calculate the new time series feature γγγ ′′′ = (γ ′1,γ

′
2, ...,γ

′
q))

based on the new time axis ttt ′′′ = (t ′1, t
′
2, ..., t

′
q)) by the following method: For each t ′i in ttt ′′′, we calculate its cor-

responding coordinate τi in ttt through the Equation (1). Let ta and tb be the two points along the time axis that
are closest to τi, and then γ ′i can be derived as follows,

τi = (tp− t1)
t ′i − t ′1
t ′q− t ′1

+ t1 (1)

γ
′
i = (γb− γa)

τi− ta
tb− ta

+ γa. (2)

2.3 Creating dictionary
In creating the dictionary, we prepared three features to use in the signal modification part – optimal dividing
point, pronunciation and SP of regular-speed utterance of every word. The region between the optimal dividing
point and the end of the utterance is the section which could be stretched; and the rest of the utterance, which
is the region before the optimal dividing point, remains unchanged.
There are three steps to find the optimal dividing point. First, we prepared pairs of regular-speed and slow-speed
utterances with same pronunciation, and then extracted their SP by the World vocoder. Next, we exhaustively
test the fitness of setting a frame in regular-speed utterance as the dividing point, by concatenating the region
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Figure 1. The proposed framework for stretching a sentence of Mandarin speech naturally.

before the frame with original speed while stretching the following region to make the utterance the same length
as the slow-speed utterance. The time stretching method (LI-VD) is described in Sec. 2.2.
Last, the Euclidean distance of SP between the stretched regular-speed and slow-speed utterance was calculated,
which was defined to be the loss. Since the loss could be plotted as a function of the dividing-point location,
the dividing point with the minimum loss is regarded as the optimal dividing point of the utterance. Some
examples of the loss curve are shown in Figure 3.

2.4 Modification and optimal dividing point alignment
To find the optimal dividing points of each word that occurs in full-sentence fluent speech, the dynamic
time warping (DTW) algorithm is used (13, 14). Suppose that two time series ααα = (α1,α2, ...,αL) and βββ =
(β1,β2, ...,βM) are given. Then, an Euclidean distance d(αi,β j) is defined between any pair of data points, an
accumulative matrix Di, j is assigned for all 0≤ i≤ L and 0≤ j ≤M as follows.

Di, j =


+∞, if i = 0 or j = 0
d(α1,β1) , if i = j = 1
d(αi,β j)+min{Di−1, j ,Di, j−1 ,Di−1, j−1}, otherwise.

(3)
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(a) (b)

Figure 2. (a) and (b) are the examples of SP and AP estimated by World vocoder respectively, with 4096
samples per frame and 5ms of step time. The sentence Pinyin of the examples is "hú dié zhǎ jı̌ cì yǎn jı̄ng".

(a) (b)

Figure 3. Examples of how the loss function varies with the location of the dividing point, and the optimal
dividing points are also marked. The Pinyin of the pronunciations of (a) and (b) are "jı̌" and "cì", respectively.

Every point between two time series could be aligned by the resulting optimal warping path based on accumu-
lative matrix Di, j. Next, the optimal dividing point on the spoken word in fluent speech is found by aligning
the optimal dividing point on the corresponding regular-speed utterance in the dictionary to the spoken word.

3 EXPERIMENTS
3.1 Subjective listening tests
To compare our proposed method for Mandarin speech stretching with other algorithms, we designed a listening
test including three sentences. For each sentence, subjects first hear a Mandarin spoken speech with the rhythm
and tempo, which is called the ground-truth (GT) audio. The followings are three stretched audios which were
synthesized using different algorithms; one of them is WSOLA, one is LI-VD with uniform stretching, and the
last one is LI-VD with optimal stretching. Every subject had to choose one audio that he/she considered to be
most similar to GT audio. The presentation order of the results from different algorithms was randomized.
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3.2 Data preparation
3.2.1 Recording settings
In the experiments, the data were recorded in a room with low reverberation. In addition, the condenser mi-
crophone with a pop-filter was used, and 28 dB gain was applied to amplify the signal. Moreover, the signals
were sampled at 96 kHz, and then down-sampled to 48 kHz before analysis.

3.2.2 Utterances
The three sentences for the listening tests are excerpts from the lyrics of popular songs. For each sentence, two
versions were recorded. The first one is the spoken sentence, which was used to synthesize stretched speech.
The second version is the spoken sentence followed by the rhythm and tempo of the original song as the GT.
The Chinese characters with Pinyin of these three sentences are as follows, and the corresponding rhythm and
tempo are shown in Figure 4.

1. 蝴蝶眨幾次眼睛才學會飛行 (hú dié zhǎ jı̌ cì yǎn jı̄ng cái xué huì fēi xíng)

2. 當一陣風吹來風箏飛向天空 (dāng yı̄ zhèn fēng chuı̄ lái fēng zhēng fēi xiàng tiān kōng)

3. 為了你而祈禱而祝福而感動 (wéi liǎo nı̌ ér qí dǎo ér zhù fú ér gǎn dòng)
Composer

Stretch

           
xíngxué huì fēicáiyǎn jīngjǐ cìhú dié zhǎ

	=	87

(a) Composer

Stretch

         
xiàng tiān kōngzhēng fēichuī lái fēngzhèn fēngdāng yī

	=	80

(b) Composer

Stretch

          
ér gǎndòngzhù fúqí dǎo érliǎo nǐ érwéi

	=	80
(c)

Figure 4. The rhythm and tempo of every sentence in the subjective listening tests. (a), (b) and (c) correspond
to sentence 1, 2 and 3, respectively.

In addition, we also recorded the regular-speed and slow-speed utterances of every word that appears in these
three sentences to create an optimal dividing points dictionary, which was mentioned in Sec 2.3. Slow utterances
were recorded in 3 beats with a tempo at 96 bpm (beats per minute). For each recorded speech, the onset and
the end of each word was labeled for the purpose of segmentation.
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4 RESULTS
4.1 Subjective listening tests
The results of the listening tests by 41 subjects are summarized in Table 1. In average, 79.6% of answers
preferred the speech stretched by the proposed method over the other two methods. This shows that our method
outperformed most of the times in terms of providing natural stretching.

Table 1. The results of the listening tests.

Method Sentence 1 Sentence 2 Sentence 3 Average
Proposed strategy 92.7% 87.8% 58.5% 79.6%
Uniform LI-VD 4.9% 12.2% 31.7% 16.3%

Uniform WSOLA 2.4% 0.0% 9.8% 4.1%

(a) (b)

(c) (d)

Figure 5. Examples of power spectrograms of the audio files in the listening test. (a) is the ground truth and
(b), (c), (d) are the stretched speech with 3 different stretching method. The pronunciation of the examples is
"fēi xíng" in Pinyin.

4.2 Discussion
4.2.1 Subjective tests
According to the results, most of the subjects chose the speech stretched by the proposed strategy as the most
natural. However, in sentence 3, 31.7% of the subjects preferred the stretched audio using the uniform LI-VD
method; in addition, some subjects mentioned that they struggled to differentiate between the speech stretched
by uniform and non-uniform LI-VD in sentence 3. By inspecting Figure 4-(c), we suggest that the reason is
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because "fú" is the only quarter-note word that starts with a fricative consonant in sentence 3; therefore, the
advantage of the proposed stretching strategy is not prominent. In contrast, the other two sentences contain
multiple sustained words that start with a fricative or an affricate, such as "cì" and "xíng" in sentence 1, and
"fēng", "fēi" in sentence 2, so the subjects could discriminate the most natural synthesized speech from the
other ones more easily.

4.2.2 Some observations
Examples of the power spectrogram from listening test audio files are shown in Figure 5. It demonstrates that
the consonant regions of the utterances are stretched if the speech is stretched by uniform WSOLA or uniform
LI-VD, which are different from the GT. In contrast, the stretched speech with the proposed method looks more
similar to the GT. This observation agrees with the results of the listening tests.

5 CONCLUSIONS
A new method is proposed for natural Mandarin spoken utterance stretching. We presented a strategy of finding
the optimal dividing point by comparing the regular-speed and slow-speed utterances to define the stretchable
region in every utterance, which is the region between the optimal dividing point and the end of the word.
Subsequently, the optimal dividing points could be aligned to every word in the full sentence to decide the
stretched region. This method is preferred according to the outcome of the subjective listening tests. Having
demonstrated the effectiveness of the current methods, in the future, all possible word pronunciations (including
the different tones) in Mandarin are going to be recorded so a comprehensive optimal dividing-point dictionary
will be built.
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ABSTRACT
It is considered that listening and understanding English speech of native speakers are hard tasks for many
Japanese. Therefore, we carry out a research on converting the English speech spoken by native speakers based
on emphasis of the feature which is familiar to listening to Japanese. We believe the converted speech could
be understood more easily by Japanese listeners for English education. We called the research English speech
acclimatization. In this paper, we proposed an accent conversion method as an English speech acclimatization
method. Specifically, we convert the accent of native speakers into that of Japanese speakers. The acoustic
features are time stretched to match the same phoneme duration with the English speech of Japanese speaker.
Then the pitch change in English speech of native speaker is replaced with the that in English speech of Japanese
speaker. Experiments are conducted to evaluate the performance of proposed method based on the English
speech before and after conversion. To confirm the effectiveness on words recognition and comprehension
of the sentence, subjective evaluation experiments are conducted respectively. As the result of the evaluation
experiments, the effectiveness of proposed method was confirmed.
Keywords: Speech acclimatization, Accent conversion, Pitch, Phoneme duration

1 INTRODUCTION
In times of globalization and internationalization, the opportunities for Japanese people to communicate in

English have increased. Nevertheless, because of the difference between speech perception processed by native
speakers of difference languages, the communication in English is not an uncomplicated task for many Japanes.
According to the various countries’ TOEIC average score in terms of 2017 Report on Test Taskers Worldwide
provided by ETS (Educational Testing Service), Japanese has lower language proficiency in English [1].

To improve English communication skills for Japanese, we considered a training method based on the idea
that the ability of English listening would be improved by carrying on listening training with appropriate En-
glish speech according to each level of English listening proficiency. We believed by gradually eliminating the
difference between actual native English speech and the perception by non-native speaker, we can expect a good
training effect by the sense of accomplishment that trainees can gain easily in this kind of training. In order
to achieve this training, it is necessary to create English speech in graded listening difficulty. Meanwhile, the
primary goal is to create the English speech with the lowest listening difficulty for Japanese trainee. In other
words, the aim of this study is to convert the English speech spoken by native speaker to better understand by
Japanese. We called it English speech acclimatization.

In this paper, we propose an accent conversion method as an English speech acclimatization. Accent is
variously defined by researches, such as phoneme duration, pitch change, sound pressure, rhythm, etc. In these
features, phoneme duration plays an important role in speech intelligibility [2]. Pitch change is an important
element in Japanese language perception [3]. Based on these researches, we focus on phoneme duration and
pitch change to convert accent in this study. In our method, acoustic features (the pitch change which is vocal
cord information and the MFCC (Mel-Frequency Cepstrum Coefficients) which is vocal tract information) in the
English speech of native speaker are time-stretched to keep the same phoneme duration with that in the English
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speech of Japanese speaker. Then the pitch change in English speech of native speaker is replaced with the that
in English speech of Japanese speaker. In the rest of this paper, we will discuss about the differences between
the accent in English speech of native speaker and Japanese speaker in Section 2. In Section 3, we introduce
the method of accent conversion proposed in this paper. In Section 4, experiments are conducted to evaluate
the performance of proposed method based on the English speech before and after conversion.

2 ACCENT IN ENGLISH SPEECH OF NATIVE SPEAKER AND JAPANESE SPEAKER
Accent is a complex expression via the prosodic features such as loudness, pitch and phoneme duration.

Generally, English accent belongs to stress accent which mainly depends on loudness, while Japanese accent is
considered to belong to pitch accent which mainly depends on pitch change. Figs. 1, 2 and 3 show spectrograms
of the English speech of native speaker and the English speech of Japanese speaker. It is clear that the pitch
change is different when native speaker and Japanese speak the same English speech. Meanwhile, it is also
remarkable that the durations of voiced periods differ from each other. In the English speech of Japanese
speaker, there are many pauses (unvoiced parts) which are relatively spaced at regular intervals, while in the
English speech of native speaker, there are less pause. In conclusion, the differences between the accent of
English and Japanese appear in the same way on English speech of native speaker and Japanese speaker. The
English speech of native speaker and Japanese speaker has difference phoneme duration and pitch change. Based
on this phenomenon, we believe that it is possible to realize the English speech acclimatization by converting
the accent in English speech of native speaker to that in English speech of Japanese speaker which Japanese
accustomed.

3 SPEECH ACCLIMATIZATION BASED ON ACCENT CONVERSION
3.1 Overview of accent conversion

As we mentioned before, in order to achieve the English speech acclimatization, the accent in English speech
of native speaker is replaced by that in English speech of Japanese speaker. In this paper, the accent refers to
phoneme duration and pitch change. The pitch is operated through the operation of the fundamental frequency
(F0). The outline of the accent conversion algorithm in the experiment is shown in Fig. 4. Here, f1 indicates
the pitch of the native speech and f2 indicates the pitch of non-native speach. The acoustic features we used in
our proposed method are MFCC and pitch. The pitch extraction is performed by SWIPE (Sawtooth Waveform
Inspired Pitch Estimator) [4]. Based on SWIPE, the frequency that makes the maximum correlation value
between SWIPE kernel and the amplitude spectrum is calculated as the pitch. In order to keep the phoneme
duration of native speech and non-native speech consistent, the pitch and MFCC of native speech are time-
stretched to match the non-native speech. Then the stretched pitch is converted to mimic the non-native speech.
Finally, the converted MFCC and pitch are used to synthesize the converted speech with MLSA filter [5].

3.2 Feature time stretch
In order to keep the phoneme duration of native speech and non-native speech consistent, the acoustic features

(pitch and MFCC) of native speech are linearly time stretched for each phoneme. The duration of each phoneme
is extracted with the speech segmentation toolkit of Julius [6]. The example of time stretch is shown in Fig. 5.
The time stretched feature can be defined as follows:

m0
1(t) = (1�bt)m1(at)+btm1(at +1), (1)

at = bt/kc, (2)
bt = t/k�bt/kc, (3)
k = (T2 �1)/(T1 �1), (4)

6877



(a) English speech of native speaker. (b) English speech of Japanese speaker.

Figure 1. Spectrograms of the speech “When I came, he greeted me warmly.".

(a) English speech of native speaker. (b) English speech of Japanese speaker.

Figure 2. Spectrograms of the speech “Is it John who writes poetry?".

(a) English speech of native speaker. (b) English speech of Japanese speaker.

Figure 3. Spectrograms of the speech “I saw her this morning and invited her to dinner.".
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Figure 4. Overview of accent conversion algorithm.

Here, b·c represents a floor function. m0
1(t) represents the tth element in the time stretched feature. m0

1() is the
time stretched feature linearly interpolated between the samples taken from the m1() and has the same duration
time as m2(). at and at +1 indicate two samples participates in interpolation, bt indicates the interpolation ratio
and k indicates the stretching factor. T1 and T2 correspond to the length of m1() and m2() respectively.

3.3 Pitch conversion
The time stretched pitch with the algorithm mentioned in Subsection 3.2 is converted as follows:

log( f1!2) = {log( f2)�µ2}
s 0

1
s2

+µ 0
1. (5)

Here, µ 0
1 and s 0

1 indicate the time average and standard deviation of log( f 01) and µ2 and s2 indicate the
time average and standard deviation of log( f2). f 01 is the pitch which is time sched from f1 with the algorithm
in Subsection 3.1. The converted pitch f1!2, which maintains the change of f2, can be acquired through the
normalization with the mean and variance of f 01.

Finally, the acclimatized speech is resynthesized from the pitch and MFCC with MLSA filter [5].

4 EVALUATION EXPERIMENT
Two subjective evaluation experiments (Experiment A and B) were carried out to evaluate the effectiveness

of English speech acclimatization by accent conversion. In Experiment A, dictation tests were conducted in
order to confirm the words recognition. In Experiment B, the multiple-choice tests were conducted based on
the response test in the TOEIC to confirm the effectiveness on comprehension of the sentences. In these exper-
iments, the speech before and after accent conversion were compared according to the correct answer rate of
the questions. Note that speech distortion caused by speech synthesis interferes fair comparison between native
English speech and converted one in terms of comprehension of sentences and word recognition. In order to
equalize the effect of the distortion, the native English speech used in these experiments was resynthesized with
the acoustic features extracted from the native English speech database.

4.1 Experiment condition
Since it is considered that the recognition performance will be improved when the utterance has been heard

several times before, in the experiments, two sets of evaluation speech were used to prevent the subjects from
listening to same utterances. The speech before and after conversion was assigned to different sets, meanwhile
the number of pre-conversion speech and post-conversion speech in each set was the same. 10 subjects listened
to the speech of set 1 and remaining 10 subjects listened to the speech of set 2 with headphone. The sampling
frequency of the evaluation speech was 16 kHz, and number of quantization bits was 16 bits.
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Figure 5. Example of accoustic feature converion by time stretch.

4.1.1 Experiment A
The conditions of Experiment A are shown in Table 1. We used the UME-ERJ database [7] which contains

the English speech of Japanese speakers and native speakers. The sentences of the evaluation speech were
selected from the database. Subjects were asked to listen to 12 periods of speech and dictate all the words
(67 words) they heard. Meanwhile, the inflections of words, such as past tense of verb, incorrectly dictated by
subjects would not be judged as mistakes. We also avoided the speech includes names when we chose it from
database. The accuracy of dictation was calculated.

Table 1. Condition of Experiment A.

Native speech Native speaker English speech
in UME-ERJ database [7]

Non-native speech Non-native speaker English speech
in UME-ERJ database [7]

Question form Dictation (12 questions)
Times of listening

for each speech 2

Subjects 20 Japanese students

4.1.2 Experiment B
Table 2 shows the experiment conditions of Experiment B. The speech in the response test of TOEIC support

material was used as the English speech of native speaker in this experiment. Meanwhile, a Japanese male
in 20s was required to speak the same sentences as the English speech of Japanese speaker. We prepared 12
questions in this experiment. In each question, as an example shown in Table 3, 20 subjects were asked to
listen to the speech and choose the best response they thought for the speech. The number of choices in each
question was 3.
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Table 2. Condition of Experiment B.

Native speech Speech in
TOEIC support material [8]

Non-native speech Speech spoken by a Japanese male in 20s
Question form Multiple-choice test (12 questions)

Table 3. An example of response test in Experiment B.

Speech Whose file is this on my desk?

Question
(A) No, that’s not my desk.
(B) I’ve been looking for that. Sorry!
(C) Mr. Smith called ten minute ago.

4.2 Experiment result
4.2.1 Experiment A

The experiment results are shown in Table 4. In the average of set 1 and set 2, the accuracy of dictations
with the pre-conversion speech is 59.6%, and that with the post-conversion speech is 63.7%, showing an im-
provement of 4.1%. This tendency also can be confirmed in each set of the experiment. The results indicate
the effectiveness of accent conversion on the improvement of word recognition.

Table 4. The accuracy with and without accent conversion [%].

Pre-conversion speech Post-conversion speech

Experiment
A

Set 1 56.8 61.0
Set 2 62.4 66.5

Average 59.6 63.7

Experiment
B

Set 1 55.0 66.7
Set 2 51.7 68.3

Average 53.3 67.5

4.2.2 Experiment B
The experiment results are shown in Table 4. In the average of set 1 and set 2, the improvement of accuracy

is 14.2%. Meanwhile, the improvement in set 1 is 11.7%, and the improvement in set 2 is 16.6%. The results
show that the accent conversion in proposed method can improve the performance of sentence comprehension.

4.3 Analysis
According to the improvement rate of each experiment, the improvement rate of the experiment A is larger

than that in the experiment B. The results indicate that the proposed method is more effective in the sentence
comprehension than the word recognition. The reason should be that the proposed method converts accent not
just for words, but for the whole sentence. Improving the performance of word recognition is just a part of the
advantage of this method.

As the feedback of the subjects who had a high accuracy for the converted speech, the sufficient phoneme
duration and acquainted pitch change are useful for understanding the English speech. On the other hand, as
the feedback of the subjects who had a high accuracy for the post-conversion speech, there was an opinion that
the converted speech is difficult to understand since it sounds like unnatural speech. Therefore, it is necessary
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to carry out the study of reducing the feeling of unnatural in post-conversion speech in the future.

5 CONCLUSION
In this paper, we proposed an English speech acclimatization method that converts accent of English speech

of native speaker into the accent of Japanese speaker. As the result of the subjective evaluation experiment, the
effectiveness of the English speech acclimatization with accent conversion has been confirmed. In the feature,
we will focus on the applications such as controlling the conversion rate of the accent, aiming to synthesize the
speech suitable for each level of English listening proficiency.
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Abstract
Conventional ANC systems can reduce a target noise around the error microphone. Hence, the users for ANC
systems may not get sufficient noise reduction if the user’s ears are apart from the error microphones. This
is because the size of the Zone of Quite (ZoQ) is 1/10 of wavelength of the target noise. To solve this issue,
some virtual sensing techniques have been already proposed and examined. These techniques can create the
maximum noise reduction at the desired positions. In this paper, we introduce two methods, which are called
"Remote Microphone" and "Auxiliary Filter based Virtual Sensing" methods to an ANC headrest in order to
examine the effectiveness. In various situations, we implement the two virtual sensing techniques on the ANC
headrest and compare the results through some simulations in MATLAB
Keywords: Active Noise Control, Virtual sensing technique, Remote Microphone method, Auxiliary Filter
based Virtual Sensing method, Headrest

1 INTRODUCTION
Active Noise Control (ANC) is a means of reducing the unwanted noise. ANC is a technique based on

the principle of superposition, i.e., an antinoise with the same amplitude and opposite phase is generated and
combined with an unwanted noise, thus resulting in the cancellation of both noises (1-4). Various products of
ANC have been already introduced in order to improve the interference of the acoustic noise. In this paper, we
focus on ANC headrest system and compare the two virtual sensing techniques.
The conventional ANC can get the maximum noise reduction only around error microphones and the size of

the Zone of Quite (ZoQ) is limited depending on the target noise’s frequency. Moreover, some applications of
ANC (e.g. ANC headrest (5-8)) requires that the error microphones have to be located apart from the desired
locations (e.g. user’s ears) because the error microphones must be installed on the headrest for headrest ANC.
To handle the issue, the virtual sensing techniques (5-13) are usually applied to the ANC headrest. In addition,
the desired locations (user’s ears) may be moved due to user’s head movements (it is difficult to fix the head
in natural sitting situations). However, if the virtual sensing techniques can work well at every position and in
every situation, the ANC headrest can be put into practical use by combining it with physical sensors.
We apply two virtual sensing techniques to the ANC headrest for reducing the broadband noise. One is called

Remote Microphone (RM) method; it is valid especially for reducing the narrow band noise (5,6). However,
there are two main issues in the RM method. When estimating the transfer function between microphones, some
dips often arise at particular frequencies in general acoustic environments. Furthermore, the noise reduction
performance strongly depends on the geometric arrangements of primary noise source and error and virtual
microphones, that is, the error microphones have to be located closer to the primary noise source than the virtual
microphones because the transfer functions from the error microphones to the virtual microphones cannot be
obtained if the virtual microphones are closer to the noise source than the error microphones (causality reason).
On the other hand, the other method, which is called Auxiliary Filter based Virtual Sensing (AF-VS), is more
effective especially for reducing the broadband noise and does not require any geometrical constraint (7-13). In
this paper, we compare the two methods on the noise reduction performances for broadband noise to clarify the
effectiveness.
The paper is organized as follows. Section 2 explains the limitation of ZoQ and what kind of problems the
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conventional headrest ANC has. Section 3 introduces the two virtual sensing methods. In Section 4, we show
the noise reduction performance of the two method in some situations. Section 5 summarizes the obtained
results.

2 LIMITATION OF ZOQ IN THE GENERAL ANC SYSTEM
Zone of Quite (ZoQ) in general ANC systems is formed only around the error microphones. Hence, in the

ANC headrest, the ZoQs are created at the back of the headrest. Additionally, the size of ZoQ is 1/10 of
the wavelength of the target noise in general ANC systems (2). If the target noise contains high frequency
components and the error microphones are located away from desired locations, adequate noise reduction may
not be obtained. For instance, when the target noise is 1000 Hz, the ANC system creates the ZoQ whose
diameter is 3.4 cm. When one uses the ANC headrest, the positions of the ears may not be located in the
ZoQs because people tend to lean forward where the head is not in contact with the headrest. Naturally, the
error microphones can not be physically placed close to the user’s ears in the ANC headrest. A solution to
this limitation of ZoQ is to utilize the virtual sensing techniques. We therefore examine a headrest ANC with
virtual sensing techniques in order to validate the effectiveness in various situations.

3 VIRTUAL SENSING TECHNIQUES
3.1 Remote Microphone (RM) Method
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Figure 1. Block diagram of feedfoward ANC system with RM.

One way to reduce the target noise at the desired positions is the Remote Microphone (RM) method. The
block diagram of the RM method is shown in Fig. 1. In Fig.1, P(z) is the primary path from the reference
microphone to the error microphone, S(z) and Sv(z) are the secondary paths from the secondary source to
the error and virtual microphones, respectively. In this method, the path from the error microphone to the
microphone at the desired position (virtual microphone), C(z) = V (z) / P(z) is estimated in advance as shown
in Fig. 1(a). By using the path, the RM method reduces the target noise at the virtual microphone as shown in
Fig. 1(b). However, this method must estimate the path between the microphones which are located a bit far
from the noise source. It may cause some dips at some particular frequencies according to the distance, which
makes the noise reduction worse. Additionally, depending on the direction of the noise arrival, the causality is
not satisfied and C(z) cannot be estimated exactly.

3.2 Auxiliary Filter Based Virtual Sensing (AF-VS) Method
Among virtual sensing techniques, another way is the Auxiliary Filter based Virtual Sensing (AF-VS) method,

which is more effective for reducing the broadband noise. The block diagram of the AF-VS method is shown
in Fig. 2. As shown in Fig. 2(a), the auxiliary filter H(z) converges P(z) / S(z)Wo(z). Hence the auxiliary filter
includes the information of the optimal noise control filter at the desired position Wo(z). In the control stage,
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the microphone can not be placed at the desired position and the error signal at the desired position can not
be used to update the noise control filter. By using the auxiliary filter H(z) estimated in the tuning stage, this
method can reduce the target noise at the desired position. The AF-VS method does not need to estimate the
path between the microphones and does not degrade the noise reduction performance unlike the RM method.
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Figure 2. Block diagram of single channel feedfoward ANC system with AF-VS.

4 MULTIPLE CHANNEL FEEDFORWARD ANC HEADREST SYSTEMWITH AF-VS
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Figure 3. Block diagram of multi channel Case (1,2,2) feedfoward ANC system with AF-VS.

In the ANC headrest, there are two secondary sources and two error microphones. When sitting a chair
with headrest, the user’s ears are generally apart from the headrest part. In this case, the crosstalk paths (e.g.
left secondary source to right error microphone) must be considered in the ANC headrest. In this section, we
introduce a multi-channel feedforward ANC headrest system with the AF-VS method. Figure 3 shows block
diagrams of the 2 × 2 adaptive feedforward ANC with the AF-VS method. There are two stages in this

6885



method. The first one is called the tuning stage, and the second one is called the control stage. In Fig. 3 (a),
the noise control filters and the auxiliary filters on tuning stage are updated by

wk(n+1) = wk(n)+
2

∑
m=1

αc
βc+‖rmk(n)‖2 evm(n)rmk(n), (1)

hk(n+1) = hk(n)+
αh

βh+‖x(n)‖2 ehm(n)x(n), (2)

ehm(n) = epm(n)− yhk(n), (3)

rmk(n) = ŝTvmkx(n), (4)

where, k = 1,2 and m = 1,2 express the two secondary sources and the error microphones, respectively. smk
and svmk express the coefficient vectors of the secondary paths from the secondary sources to the error or
virtual microphones. wk(n) = [wk1(n),wk2(n), · · · ,wkN(n)]T and hk(n) = [hk1(n),hk2(n), · · · ,hkK(n)]T express the
coefficient vectors of the noise control filters Wk and auxiliary filters Hk whose tap lengths are N and K,
respectively. epm(n) and evm(n) are the error signals at the error and virtual microphones, respectively. yhk(n)
expresses the output signals from the auxiliary filter Hk(z) ŝvmk is the secondary path model of svmk and rmk(n)=
[rmk(n),rmk(n− 1), · · · ,rmk(n−N+ 1)]T is the filtered reference vector in the FXNLMS algorithm. αc and αh
are the step size parameters of the noise control and the auxiliary, respectively. βc and βh are the regularization
factors.
In Fig. 3 (b), the error signals at the virtual microphones are given as

Ev1(z) = {V1(z)−Sv11(z)W1(z)−Sv12(z)W2(z)}X(z), (5)
Ev2(z) = {V2(z)−Sv22(z)W2(z)−Sv21(z)W1(z)}X(z). (6)

Hence, the gradients of the noise control filters W1(z) and W2(z) are expressed as

∂E2v1(z)
∂W1(z)

=2{Sv11(z)W1(z)+Sv12(z)W2(z)−V1(z)}Sv11(z)X2(z), (7)

∂E2v1(z)
∂W2(z)

=2{Sv11(z)W1(z)+Sv12(z)W2(z)−V1(z)}Sv12(z)X2(z), (8)

∂E2v2(z)
∂W1(z)

=2{Sv21(z)W1(z)+Sv22(z)W2(z)−V2(z)}Sv21(z)X2(z), (9)

∂E2v2(z)
∂W2(z)

=2{Sv21(z)W1(z)+Sv22(z)W2(z)−V2(z)}Sv22(z)X2(z). (10)

From (7), (8), (9), and (10), the optimum noise control filters Wo
1 (z) and W

o
2 (z) given by

Wo
1 (z) =

Sv12V2(z)−Sv22(z)V1(z)
Sv12Sv21(z)−Sv11(z)Sv22(z) , (11)

Wo
2 (z) =

Sv21V1(z)−Sv11(z)V2(z)
Sv12Sv21(z)−Sv11(z)Sv22(z) . (12)

Assuming the noise control filters are converged, the error signals for updating the auxiliary filters H1(z) and
H2(z) are given by
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Eh1(z) =Ep1(z)−H1(z)X(z)
={P1(z)−S11(z)Wo

1 (z)−S12(z)Wo
2 (z)−H1(z)}X(z), (13)

Eh2(z) =Ep2(z)−H2(z)X(z)
={P2(z)−S22(z)Wo

2 (z)−S21(z)Wo
1 (z)−H2(z)}X(z). (14)

Therefore, H1(z) and H2(z) are expressed as

∂E2h1(z)
∂H1(z)

=2{H1(z)−P1(z)+S11(z)Wo
1 (z)+S12(z)W

o
2 (z)}X2(z), (15)

∂E2h2(z)
∂H2(z)

=2{H2(z)−P2(z)+S22(z)Wo
2 (z)+S21(z)W

o
1 (z)}X2(z). (16)

The optimum auxiliary filters converge to

Ho1 (z) =P1(z)−S11(z)Wo
1 (z)−S12(z)Wo

2 (z)

=P1(z)−S11(z)
{

Sv12V2(z)−Sv22(z)V1(z)
Sv12Sv21(z)−Sv11(z)Sv22(z)

}
−S12(z)

{
Sv21V1(z)−Sv11(z)V2(z)
Sv12Sv21(z)−Sv11(z)Sv22(z)

}
, (17)

Ho2 (z) =P2(z)−S22(z)Wo
2 (z)−S21(z)Wo

1 (z)

=P1(z)−S22(z)
{

Sv21V1(z)−Sv11(z)V2(z)
Sv12Sv21(z)−Sv11(z)Sv22(z)

}
−S21(z)

{
Sv12V2(z)−Sv22(z)V1(z)
Sv12Sv21(z)−Sv11(z)Sv22(z)

}
. (18)

We can see that Ho1 (z) and H
o
2 (z) in (17) and (18) keep the information of the optimum noise control filters for

the virtual microphones including the crosstalk components, respectively.
Whereas, in the tuning stage, the error signals at the virtual microphones can not be used for updating the

noise control filters. Instead of (1), the noise control filters in the tuning stage are updated as

wk(n+1) = wk(n)+
2

∑
m=1

αc
βc+‖rmk(n)‖2 ehm(n)rmk(n), (19)

ehm(n) = epm(n)− yhk(n), (20)

rmk(n) = ŝTmkx(n). (21)

The error signals for updating the noise control filters are expressed as

Eh1(z) =Ep1(z)−Ho1 (z)X(z)
=P1(z)X(z)−S11(z)W1(z)X(z)−S12(z)W2(z)X(z)−{P1(z)−S11(z)Wo

1 (z)−S12(z)Wo
2 (z)}X(z), (22)

Eh2(z) =Ep2(z)−Ho2 (z)X(z)
=P2(z)X(z)−S22(z)W2(z)X(z)−S21(z)W1(z)X(z)−{P2(z)−S22(z)Wo

2 (z)−S21(z)Wo
1 (z)}X(z). (23)

Therefore,
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∂E2h1(z)
∂W1(z)

= 2[S11(z){W1(z)−Wo
1 (z)}+S12(z){W2(z)−Wo

2 (z)}]S11(z)X2(z), (24)

∂E2h1(z)
∂W2(z)

= 2[S11(z){W1(z)−Wo
1 (z)}+S12(z){W2(z)−Wo

2 (z)}]S12(z)X2(z), (25)

∂E2h2(z)
∂W1(z)

= 2[S21(z){W1(z)−Wo
1 (z)}+S22(z){W2(z)−Wo

2 (z)}]S21(z)X2(z), (26)

∂E2h2(z)
∂W2(z)

= 2[S21(z){W1(z)−Wo
1 (z)}+S22(z){W2(z)−Wo

2 (z)}]S22(z)X2(z). (27)

From (24), (25), (26) and (27), every noise control filter converges to the corresponding optimal ones at the
virtual microphones (the desired positions), Wo

1 (z) and Wo
2 (z) Thus, it can be proved to realize the maximum

noise reduction at the desired position without putting the physical microphones there.

5 SIMULATIONS
5.1 Simulation Conditions
In this section, we examine the noise reduction performance at the desired positions (virtual microphones)

to compare the effectiveness of the two virtual sensing techniques through some simulations in MATLAB. The
measurement arrangements and conditions are shown in Figs. 4, 5 and Table 1.
As shown in Fig. 4, the position of the noise source is located in front of and the back of the ANC headrest

in order to investigate the capability for the causality. Moreover, we recorded the noise at the every microphones
at the three positions as shown in Fig. 5 in order to examine the robustness for movements of the user’s ears
(desired positions).

Noise source

Secondary sources

Error microphone

Error microphone

Headrest

10 cm

5 cm

5 cm

Virtual microphone

Virtual microphone

130 cm

5 cm
Reference microphone

(a) Causality

Noise source

Secondary sources

Error microphone

Error microphone

Headrest

10 cm

5 cm

5 cm

130 cm

Virtual microphone

Virtual microphone

5 cm

Reference microphone

(b) Non-causality

Figure 4. Measurement arrangements.

(a) Left (b) Forward (c) Right

Figure 5. Three head directions for comparison.
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Table 1. Experimental conditions.

Noise White noise (500 - 2000 Hz)
Update algorithm of filters NLMS
Tap length of filters W , C and H 500
Step size parameter of filter α 0.05
Regularization parameter β 0.00001
Sampling frequency 12000 Hz
Cut-off frequency of low-pass filter 2500 Hz

5.2 Simulations Results
Due to the limitations of space, the results at the right virtual microphone are shown in this paper. Figure 6

shows the spectra of the error signal at the desired position using the RM and AF-VS methods when the user
looks forward like Fig. 5 (b). Next, Fig. 7 illustrates the noise reductions of the two virtual sensing methods
in the ANC headrest for three directions of the user’s head and two different noise source locations.
As indicated in Fig. 6, the AF-VS can reduce the noise stably between 500 - 2000 Hz regardless of the noise

source directions. On the other hand, the RM cannot reduce the target noise especially between 1500 - 2000 Hz
and amplifies over 2000 Hz. This is because it is difficult for ANC systems to reduce the high frequency noise.
Furthermore, the RM in the non-causality arrangement can reduce the target noise less than on the causality one
between 500 - 1500 Hz. This is because C(z) cannot be estimated exactly in the non-causality arrangement.
We summarized the average noise reduction level for three head direction in Table 2. From Fig. 7 and Table

2, the AF-VS gets the almost same noise reduction levels regardless of the noise source position and head
directions. On the other hand, the RM amplifies the target noise at the desired position in the non-causality
arrangement. Besides, on the causality arrangement, the AF-VS is more effective than the RM for reducing
the target noise in the causality arrangement. Additionally, as shown in Fig. 7 (a) and Table 2 (a), the noise
reduction performance for the left direction is not very high totally comparing with the other directions because
the anti-noise cannot arrive at the desired position directly due to the user’s head, which interrupts the path
from the secondary source to the desired position.
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Figure 6. Comparison of error spectra between the two virtual microphone methods.
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Figure 7. Comparisons of noise reduction between the two virtual microphone methods.
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Table 2. Average noise reduction levels for three head directions..

(a) Left

Method

Noise source location RM AF-VS

Causality

Non-causality

5.00

-2.65

8.60

7.78

(b) Forward

Method

Noise source location RM AF-VS

Causality

Non-causality

8.03

-5.44

23.2

23.0

(c) Right

Method

Noise source location RM AF-VS

Causality

Non-causality

9.92

-9.60

23.9

18.7

6 CONCLUSIONS
In order to compare the effectiveness of the two virtual sensing techniques, the RM and AF-VS methods,

we adopted the two methods to the ANC headrest. In the simulations, the two methods were compared on
the noise reduction performance for broadband noise. As a result, the AF-VS is valid for overall frequency to
reduce the target noise regardless of the noise source directions. By contrast, the RM hardly reduces the noise,
especially on the non-causality arrangement. Moreover, the AF-VS has higher noise reduction performance than
the RM for the three head directions and the two noise source locations.
In the future, we should check whether the ANC headrest system works when the reference microphone is

located near the headrest ot chair for the convenience. Moreover, with adding one more secondary loudspeaker
and applying Case (1,3,2) or selection type Case (1,2,2), we will try to get the better result for larger space.
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ABSTRACT 
This paper investigates the virtual sensing technique for a multi-reference and multi-error active noise control 
(ANC) system. Our previous study has validated the effectiveness of virtual sensing technique for the 
multi-channel feedforward ANC system with only one reference signal. In this paper, two reference signals 
are implemented. The numbers of control filters and auxiliary filters are doubled accordingly. A comparison 
is carried out between the condition when 4 physical error microphones are used to model 8 virtual error 
microphones and the condition when 8 physical error microphones are used to model 4 virtual error 
microphones. It is demonstrated that when the number of physical error microphones are not less than the 
number of secondary loudspeakers, the virtual sensing technique remains effective. 
 
Key word: Feedforward active noise control; Multi-channel active noise control; Virtual sensing 
 

1. INTRODUCTION 
Generally, there are two basic ways to abate noise. They are passive noise control (PNC) and active 

noise control (ANC) (1). PNC can reduce high-frequency noise efficiently. However, the efficiency of 
PNC decreases when the noise frequency is low, due to the relatively high cost and complexity in 
deployment. ANC utilizes loudspeakers to generate an anti-noise wave, which has the same amplitude 
and opposite phase of the noise wave. By doing so, ANC is ideally suited to reduce low-frequency 
noise, complementing PNC (2). 

The use of microphones in ANC systems classifies them into two categories. The ANC systems 
using microphones to collect both reference and error signals are called feedforward ANC systems. In 
contrast, the ANC system using microphones to provide merely the error signals is called a feedback 
ANC system. In the feedback ANC system, reference signals are thought to be calculated based on 
error signals and internal models (3). Feedforward ANC systems are better at reducing broadband 
noise and easier to be stabilized than feedback ANC systems (4). 

ANC systems are also categorized by the number of loudspeakers, namely secondary loudspeakers. 
When one secondary loudspeaker is deployed, often together with one reference microphone and one 
error microphone at the same time, the ANC system is called a single-channel ANC system. The active 
noise control headphone is the most successful application of the single-channel ANC system, 
whereby one ANC system is in charge of each individual ear drum. When the targeted zone of quiet 
(ZoQ) is relatively large as compared with the noise wavelength, multi -channel ANC systems are 
necessary, which may include multiple secondary loudspeakers as well as multiple microphones. Thus, 
this paper will be focusing on the multi-channel feedforward ANC system. 

The filtered-x least mean squares (FxLMS) is the most widely used adaptive algorithm in ANC 
systems (5). The multi-channel version of FxLMS algorithm is also called the multiple error algorithm 
(6). The goal of FxLMS algorithm is to minimize 2-norm of error signal vector, which includes instant 
samples from all the error microphones. This is to ensure that ZoQ is formed around error microphones. 
When error microphones cannot be placed permanently in the targeted ZoQ, i.e. the targeted ZoQ is far 
away from error microphones, remote sensing or virtual sensing technique becomes necessary (7, 8). 

The virtual sensing technique was originally proposed for a single-channel feedback ANC system 
and subsequently developed for a single-channel feedforward ANC system (9, 10). In 2018, it was 
extended to run with a multi-channel feedforward ANC system (11, 12). However, the validation was 
carried out with just one reference signal. In this paper, multiple reference microphones are considered 
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to further understand the performance of virtual sensing technique for feedforward ANC systems.  

2. VIRTUAL SENSING TECHNIQUE 
There are two stages when virtual sensing technique is applied. The first stage is called the training 

stage. In this stage, temporal microphones, which are also called virtual error microphones, can be 
placed in the targeted ZoQ in order for adaptive control filters to converge. Meanwhile, auxiliary 
filters are trained to estimate error signals of microphones that are placed far from the ZoQ. Those 
error microphones are called physical error microphones.  

The second stage of virtual sensing technique is called the control stage. Without any microphones 
placed in the targeted ZoQ, adaptive control filters converge again by minimizing the difference 
between error signals and estimates of error signals calculated with reference signals and pre -trained 
auxiliary filters. Compared with fix-coefficient control filters, the virtual sensing technique is likely to 
retain some adaptivity to the changes in the operating environment. 

 
Figure 1 – Block diagram of multi-channel FxLMS algorithm 

Figure 1 shows the block diagram of multi-channel FxLMS algorithm. In general, a feedforward 
multi-channel ANC system consists of  reference microphones,  secondary loudspeakers, and  
error microphones. There are  primary paths,  control filters, and secondary paths 
and secondary path models. , , and  denote the primary path, secondary path, 
and secondary path model, respectively. , , and  indicate indices of the reference microphone, 
secondary loudspeaker, and error microphone, respectively.  

At a discrete time n, the control signal is calculated as a dot product between the reference signal 
vector and the control filter coefficient vector, i.e. 

, (1) 
where  is the dot product operator;  is the output of the -th secondary loudspeaker; 

 is the reference signal vector of the -th reference 
microphone; and  is the control filter coefficient vector for the -th secondary loudspeaker 
and the -th reference microphone. Moreover,  is the tap length of the control filter. 

The so-called filtered-x signal is calculated as a dot product between the reference signal vector and 
the secondary path model, i.e. 

, (2) 
where  is the secondary path model for the -th secondary loudspeaker and the -th error 
microphone.  is the tap length of the secondary path model. The filtered-x signal vector is therefore 
given by . 

According to the FxLMS algorithm, the control filter coefficient vector at the discrete time  
is updated by 

, (3) 
where  is the step size and  is the error signal of the -th error microphone. 

In the training stage of virtual sensing technique,  , and  are defined with 
respect to the virtual error microphones. Therefore, they are referred to as the virtual primary path, 
virtual secondary path, and virtual secondary path model in the latter part of this paper.  

Figure 2 highlights the block diagram of the training stage for physical error microphones.  
and  are the primary and secondary paths with respect to physical error microphones.  
is the fixed-coefficient control filter. The adaptive filter  is called the auxiliary filter. The tap 
length of  is denoted as . 

x(n|i)

ev(n|k)

yv(n|j)

rv(n|i,j,k)

wv(n|i,j)

pv(i,k)

LMSŝv(j,k)

sv(j,k)
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Figure 2 – Training stage of virtual sensing technique for a multi-channel feedforward ANC system 

Error signals of physical error microphones are estimated by auxiliary filters based on reference 
signals. The output of an auxiliary filter is calculated as 

, (4) 
where  is the auxiliary filter coefficient vector for the -th reference microphone and the 

-th physical error microphone. 
According to the LMS algorithm, the auxiliary filter coefficient vector at the discrete time  is 

updated by 
, (5) 

where ; and  is the error signal of the -th physical error 
microphone. When the training stage is complete, the trained auxiliary filter is denoted as  and used 
as fixed-coefficient filters in the control stage (see Figure 3).  

 
Figure 3 – Control stage of virtual sensing technique for a multi-channel feedforward ANC system 

In Figure 3, the desired error signal  to update the control filter is constructed by 
. (6) 

And the filtered-x signal vector  is calculated by, 
. (7) 

With the desired error signal, the control filter coefficient vector at the discrete time  is updated 
by 

. (8) 

3. EXPERIMENTAL VALIDATION 
The primary and secondary paths are provided by a multiple-channel ANC experiment system 

shown in Figure 4. Two primary noise loudspeakers are placed in a cube. The two primary broadband 
noises are uncorrelated and with frequency bands from 300Hz to 1300Hz and from 500Hz to 1100Hz, 
respectively. The secondary loudspeakers are fixed on the opening of the cube. Distance between two 
neighboring secondary loudspeakers is 12.5 cm. Three layers of microphones are placed outside the 
cube. They can be flexibly set up as either physical or virtual error microphones. Each layer consists of 
four microphones. The distance between two neighboring microphones is 12.5 cm too. The sampling 
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frequency is set to 48kHz. Tap lengths of control filter  and auxiliary filter  are set to 
800 taps. The secondary models have a length of 200 taps. The duration of each adaptation is limited to 
30 seconds. 

 
Figure 4 – Multiple-channel ANC experiment system 

 
Figure 5 – Comparison of noise reduction performance when there are 4 to 8 physical error 

microphones and 4 virtual error microphones. 

Firstly, microphones in one layer is selected as virtual error microphones. Microphones in the other 
two layers are wholly or separately used as physical error microphones. The baseline performance is 

8cm 13cm 18cm
1st Layer 2nd Layer 3rd Layer

Error Microphones
Secondary Loudspeakers

Primary Noise
Loudspeakers

Reference
Microphones
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provided by the FxLMS algorithm when error microphones are placed in the targeted ZoQ. The noise 
reductions of virtual sensing technique are compared among different selections of physical error 
microphones. 

Figure 5(a) demonstrates the case when microphones in the first layer are set up as virtual error 
microphones. The noise reduction is improved when more physical error microphones are used, i.e. 
microphones in both the second and third layers. The same trend is also observed in Figures 5(b) and 
5(c), when microphones in the second and the third layers are configured as virtual error microphones, 
respectively.  

In general, Figure 5 confirms the effectiveness of virtual sensing technique when two reference 
signals are involved and the positions of physical error microphones have a significant influence on 
the final noise reduction performance. Using more physical error microphones in the virtual sensing 
technique can achieve noise reductions closer to the baseline level with the trade-off of increased 
computational cost. Furthermore, stopping the adaption earlier may result in the observation that 
virtual sensing technique is more effective in noise reduction than the FxLMS algorithm. 

Figure 6 evaluates the cases when there are 8 virtual error microphones. As there are only 4 
secondary loudspeakers in the experiment setup, the noise reduction is expectedly lower. The virtual 
sensing technique is proved to result in similar levels of noise reduction as compared to the standard 
FxLMS algorithm with error microphones placed in the ZoQ. 

 
Figure 6 – Comparison of noise reduction performance when there are 4 physical error microphones 

and 8 virtual error microphones. 
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Furthermore, Figure 7 shows the comparative results when virtual sensing technique is carried out 
with different numbers of physical microphones. Figure 7(a) presents the case when microphones in 
the third layer are considered as virtual error microphones and microphones in the first layer are 
used wholly or partially as physical error microphones. If one microphone is removed from the first 
layer, the virtual sensing technique results in a reduced noise reduction level. If more physical 
microphones are removed, the noise reduction performance worsens. Figure 7(b) exhibits the case 
when microphones in the first layer are set up as virtual error microphones and microphones in the 
third layer are used wholly or partially as physical error microphones. In this case, when less than 4 
physical error microphones are used, the noise reduction performance of virtual sensing technique is 
not satisfactory. Lastly, when microphones in both the second and third layers are configured as 
virtual error microphones, the number of physical error microphones in the first layer barely affects 
the noise reduction as shown in Figure 7(c). This is due to the fact that the baseline level of noise 
reduction is relatively low. 

 
Figure 7 – Comparison of noise reduction performance when there are 2 to 4 physical error 

microphones and 4 virtual error microphones. 

4. CONCLUSIONS 
This paper validates the effectiveness of virtual sensing technique for multi-channel feedforward 

ANC systems. It has been proved that the virtual sensing technique works compatibly with multiple 
reference signals. Moreover, the increased number of virtual error microphones has no adverse effect 
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on the performance of virtual sensing technique. However, the number of physical error microphones 
has to be greater than the number of secondary loudspeakers. When there are more secondary 
loudspeakers than physical error microphones, the multi-channel ANC becomes an underdetermined 
optimization problem with arbitrary solutions. 
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ABSTRACT 
We propose a method for detecting the convergence completion of the feedback control filter working as an 
adaptive filter. Generally, the feedback path is manually estimated before starting active noise control. This 
estimation is practically desired to be automatically completed. We first introduce a step size control method 
capable of completing the estimation with a designed error even where the power of disturbance fluctuates. 
We subsequently propose a method for detecting the convergence completion of the adaptive filter. In 
practical use, since the impulse response of the feedback path and its power gain are unknown, we cannot 
directly monitor the difference between the impulse response and the coefficients of the adaptive filter. For 
solving this problem, we apply two adaptive filters with two different step sizes to estimating the feedback 
path. Actually, we have already presented a recursive filter expression illustrating the structure of the 
normalized least mean square algorithm. According to the expression, the square error between the 
coefficients of the two adaptive filters converges on the designed error multiplied by the square of the 
difference between the two step sizes. We finally verify using computer simulations that the proposed method 
can successfully detect the convergence completion. 
 
Keywords: Feedback, Path, Cancellation 

1. INTRODUCTION 
Feedforward type active noise control system (1) detecting a primary noise with a microphone, 

inevitably forms a feedback path, which is generally cancelled by the feedback control filter connected 
in parallel. The simultaneous equations method (2-4) is proposed as an algorithm not requiring the 
cancellation unless howling occurs. The feedback path, however, is practically desired to be 
sufficiently cancelled, because the cancellation error degrades the noise reduction effect (5). The 
feedback control filter used for the cancellation is generally operated as an adaptive filter before 
starting the noise control, whose coefficients are manually fixed after the feedback path is estimated 
with a sufficiently small error (6). In practical use, the operation is desired to be automatically stopped 
after the estimation error decreases to a designed level. 

The automatic stop operation requires a method for detecting that the estimation error decreased to 
less than the designed level. Three methods for the detection are accordingly proposed. One is the 
method of tracking the transition of the gradient vector used for updating the coefficients of the 
adaptive filter (7). Another is the method of using the cross-correlation between the output of the 
adaptive filter and the remainder subtracted the previously mentioned output from the output of the 
feedback path (8). The other is the method of continuing to update the coefficients for a prescribed 
time (9). These methods, however, cannot be applied to practical systems in which the power of the 
primary noise arriving at the microphone is supposed to be unknown or to fluctuate. The methods also 
cannot guarantee the estimation error to decrease to the designed level. 

The automatic stop operation moreover requires defining the upper limit of the estimation error not 
degrading the noise reduction effect. The upper limit depends on the shape of the impulse response of 
the acoustic paths formed in the system. As such examples, two upper limits are shown by using 
simulations. One is --10 dB derived by using the practical impulse responses whose direct sound 
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component is considerably large in comparison to the reflection components (10). The other is --20 dB 
shown by using artificial impulse responses whose components consist of exponentially decayed 
random numbers (11). In practical use, the coefficients of the adaptive filter need to be estimated with 
the designed error even where the power of the primary noise is unknown or fluctuates.  

In this study, we first present a method capable of steadily reducing the estimation error to the 
designed level under the fluctuation of the primary noise power. This method is characterized by 
applying the block implementation normalized least mean square (NLMS) algorithm (12, 13) to the 
evaluation of the short time average power of the primary noise disturbing the estimation of the 
feedback path. The power is then evaluated by substituting the short time square sum of the difference 
between the outputs of the adaptive filter and the microphone for the real one. The square sum is 
accordingly overestimated by the estimation error. 

The overestimated power is next applied to the step size control method proposed in (14, 15). The 
step size is then estimated under the desired one. This underestimated step size is actually preferable, 
which operates so as to reduce the estimation error to smaller than the designed level. Applying the 
underestimated step size to the adaptive algorithm can decrease the estimation error to less than t he 
designed level even under the power fluctuation of the primary noise.  

The remained issue is the derivation of the method for detecting that the estimation error decreased 
to less than the designed level. A method for detecting the decrease is proposed (16). The method uses 
two adaptive filters, and applies two different step sizes to them. Then, the square sum of the 
difference between the coefficient vectors of the two adaptive filters converges on the designed 
estimation error multiplied by the square of the difference of the two step sizes, which is used as the 
detection threshold. The convergence of the adaptive filter can be judged by detecting that the square 
sum of the difference decreases to less than the threshold.  

In practical systems, the power gain of the feedback path is supposed to be unknown. The method 
proposed in (16) accordingly normalizes the square sum of the difference with the power of either 
adaptive filter, which is approximate to that of the feedback path after the convergence. Unfortunately, 
some more simulation results show that the method cannot detect where the power gain of the feedback 
path is not unity. In this study, we show that non-normalized square sum is suitable for the detection, 
which is verified by computer simulation. 

2. STEP SIZE CONTROL 
In this study, the block implementation normalized least mean square (NLMS) algorithm (14, 15) 

formulated by  

 (1) 

is applied to the estimation of the feedback path for evaluating the short time average power of the 
primary noise, where  is the coefficient vector given to the adaptive filter at the th block,  
is the step size,  is the sample time index,  is the difference between the outputs of the adaptive 
filter and the microphone,  is the block length,  is the vector of the reference signal provided 
to the adaptive filter and the feedback path. Accordingly, the short time average power of the 
primary noise can be approximately evaluated by 

 (2) 

The short time average power is then overestimated by the estimation error. The estimation error, 
however, decreases along with the convergence of the adaptive filter, and finally to a negligible 
extent (14). 

The step size is subsequently calculated (14, 15) by using 
 (3) 

The estimation error decreases to the designed level  by applying the step size to Eq. (1), where 
 is the number pf taps of the adaptive filter and 
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 (4) 

3. CONVERGENCE DETECTION METHOD 
 The impulse response of the feedback path is supposed to be unknown in practical systems. We 

cannot accordingly calculate the transition of the estimation error between the impulse response 
samples and the coefficients of the adaptive filter. We then require a method capable of indirectly 
detecting that the estimation error decreased to the designed level. In this paper, we next introduce 
the detection method proposed in (16). The method is characterized by applying two adaptive filters 
to the estimation of the feedback path. 

The first order recursive filter expression of the NLMS algorithm (17) is used for the derivation 
of the threshold applied to the detection of the convergence of the adaptive filter. In the derivation 
process, the vector expression of the NLMS algorithm formulated by 

 (5) 
is resolved into the element expression, 

 (6) 
where  is the th element of the coefficient vector given to the adaptive filter at th sample 
time,  is the step size,  is the th element of the reference signal vector and 

 (7) 
The element expression can be rearranged to the first order recursive filter expression (17).  

 (8) 

where  is the th impulse response sample of the feedback path, 
 (9) 

(10) 
and  is the primary noise disturbing the estimation. In this expression,  is supposed to be 
invariable until the estimation is completed, which can be regarded as a direct current. According to 
(18, 19), the transition of the estimation error can be described by substituting 

 (11) 

for . Then, the transition of the estimation error can be calculated as the step response of the 
first order low pass filter whose recursive coefficient is . 

The filter expression shown in Eq. (8) can be easily developed to the block implementation type, 
 (12) 

where 

 (13) 

 (14) 

(15) 
It should be noted here that the white noise is used as the reference signal for the estimation of 

the feedback path. Then, the transition of the estimation error calculated by Eq. (12) is equal to that 
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provided by Eq. (5) (12, 13). Equation (12) indicates that the adaptive filter coefficient  is 
estimated as the step response generated by applying th element of the impulse response of the 
feedback path to the first order recursive filter. As seen from the expression, the coefficient 

 fluctuates around  after the convergence, as 

 (16) 

where  denotes the estimation error added to the coefficient . The second term of Eq. 
(16) shows that the coefficient  fluctuates around to , which expresses the designed 
estimation error. The fluctuation equal to the estimation error can be moreover expressed as 

 (17) 

In practical use, the power of the reference signal is supposed to be less than that of the primary 
noise so as not to be perceived.  is then expected to be negligible in comparison with  after 
the convergence. Equation (17) can be accordingly approximated to 

 (18) 

We next apply another step size  to either adaptive filter, where 
 (19) 

Then, the fluctuation of the coefficient of the either adaptive filter can be expressed by 

 (20) 

It should be noted here that 

 (21) 

is equal to the difference of the coefficients of the two adaptive filters. The square sum of the 
differences can be accordingly evaluated by,  

 (22) 
where  and  denote the coefficient vectors of the adaptive filters, respectively. Equations 
(21) and (22) show the square sum  converges on the  times of the designed estimation 
error . The convergence of the adaptive filter can be judged by monitoring the transition of . 

4. SIMULATION RESULTS 
Figure 1 shows the impulse response of the feedback path applied to simulations, whose samples 

are given the series of exponentially decayed regular numbers, and whose power gain is adjusted to 0 
dB. The other conditions are shown below. 
• Reference signal and Primary noise: white noise 
• Power ratio of reference signal to primary noise: -6 dB and 0 dB 
• Block length : 1000 
• Designed estimation error : 0.001 (-30 dB) 
• Step size ratio : 0.9 
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Figure 1 – Impulse response of feedback path used for simulations 
Under the conditions, the difference  gives the relation, 

 (23) 
Equation (23) states that the square sum of the differences, , decreases to 20 dB less than the 
designed estimation error . In the conditions shown above, the designed estimation error  is 
-30 dB, which states that the convergence of the adaptive filter can be judged by detecting that  
decreased to less than -50 dB. 

Figure 2 shows the transition of the estimation errors, 
 (24) 

(25) 
and the square sum of the differences, 

 (26) 
where (a), (b) and (c) show the transitions of the estimation errors and the square sum of the 
differences, ,  and , respectively. In this result, the square sum of the differences, , 
increases from less than -60 dB, which is caused by initializing the coefficients of the adaptive filters 
to zero. The square sum of the differences, , subsequently decreases to less than -50 dB again. 
This result shows that the convergence with the designed estimation error, -30 dB, can be judged by 
detecting that the square sum of the differences, , decreases to less than -50 dB. 

 

Figure 2 – Transition of the estimation errors and the square sum of the differences (the power gain: 0 dB)  
Figure 3 shows the transitions of the estimation errors and the square sum of the differences 

calculated by reducing the power gain of the feedback path to -10 dB. In this result, the estimation 
errors decrease to less than the designed level, -30 dB, and consequently the convergence of the 
adaptive filter can be judged by detecting that the square sum of the differences decreases to the 
threshold, -50 dB. On the other hand, normalizing the estimation errors and the square sum of the 
differences with the power gain of the feedback path increases the transitions by 10 dB. 
Consequently, the estimation errors and the square sum of the differences do not decrease to less 
than the designed level, -30 dB, and to less than the detection threshold, -50 dB, respectively. 
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Figure 3 – Transition of the estimation errors and the square sum of the differences (the power gain: -10 dB)  
Figure 4 also shows the transition of the estimation errors and the square sum of the differences 

calculated by increasing the power gain of the feedback path to 10 dB. Similarly, normalizing the 
estimation errors and the square sum of the differences with the power gain decrease s the transitions 
by 10 dB. Consequently, the estimation errors decrease to less than -40 dB, which is 10 dB less than 
the designed level, -30 dB. The square sum of the differences also decreases to less than -60 dB, 
which is 10 dB less than the detection threshold -50 dB. The two results shown in Figs. 3 and 4 
demonstrate that the normalization presented in (16) is unnecessary for the detection where the 
power gain of the feedback path is not unity. 

 

Figure 4 – Transition of the estimation errors and the square sum of the differences (the power gain: 10 dB)  
Figure 5 shows the transitions of the estimation errors and the square sum of the differences 

calculated by changing the power ratio of the reference signal to the primary noise from 0 dB to -6 
dB at the indicated point, where the power gain of the feedback path is 10 dB. This result shows that 
the estimation error decreases steadily to the designed level, -30 dB, though the power ratio changes 
at the point and that the convergence of the adaptive filter can be judged by detecting that the square 
sum of the differences deceases to less than -50 dB. 
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Figure 5 – Transition of the estimation errors and the square sum of the differences calculated changing the 

power ratio of the reference signal to the primary noise at the indicated point (the power gain: 10 dB)  

5. SUMMARY 
In this paper, we have proposed the method capable of detecting the convergence of the 

coefficients of the adaptive filter with the designed estimation error, and then have shown that the 
method successfully works. In the near future, we will apply the proposed method to re-estimating 
the feedback path under active noise control. 
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Abstract
The saturation distortion of the power amplifier is a common and intractable issue for most audio devices,
let alone for the active noise control (ANC) system. The effect of amplitude and phase distortion, caused by
the saturated audio amplifier, on the adaptive algorithm in ANC is elaborated in this paper. To overcome this
issue, the previously proposed the two-gradient FxLMS algorithm is applied, which efficiently suppresses the
amplifier saturation and has as the same computational complexity as the FxLMS algorithm. The performance
of the 2GD-FxLMS algorithm is experimentally validated for the first time in the control of both periodic and
broadband signals.
Keywords: Saturation distortion, 2GD-FxLMS, Output constraint, Active noise control.

1 INTRODUCTION
Active noise control (ANC), which generates anti-noise waves that destructively interfere with the unwanted
noise [1], is widely deployed in headphones [2], and other areas [3–9]. Similar to other audio devices, over-
driving the audio amplifier to saturation usually results in degradation in active noise reduction performance and
sound quality. Moreover, the amplitude and phase distortions caused by the saturated amplifier often result in
the divergence of the adaptive algorithm.
Saturation distortion often happens when the output signal exceeds the output-power limits and hence, overdrives
the amplifier [10]. Be specific. Saturation distortion is usually composed of the amplitude and phase distortion,
which play the central role in the nonlinear property of the secondary path in ANC. Accordingly, the nonlinear
adaptive algorithm seems to be an effective solution in overcoming the saturation distortion incurred in the ANC
system [11]. In general, when the power amplifiers are partially overdriven, the typical nonlinear algorithm
either using a truncated Volterra series [12] or a functional link artificial neural network (FLANN) [13, 14]
can improve the noise reduction performance and convergence speed. However, the enormous computational
expense of the nonlinear ANC algorithms always undermines their practicality. More importantly, when the
magnitude of the optimal control signal (desired control signal) largely exceeds the threshold of the amplifier,
neither the linear nor nonlinear ANC algorithms provide sufficient power to cancel the disturbance [10, 15].
The residual disturbance signal continuously accumulates in the control filter’s coefficients and may result in
overflow. Therefore, the nonlinear adaptive algorithm may not be the best solution for the saturation distortion
in ANC when the amplifier is severely overdriven [16].
An alternative approach is to confine the output power of the audio amplifier to prevent it from being overdriven,
and to maintain a specified power budget [17–19]. For instance, the clipping algorithm can truncate the part
of the output signal above the limitation of the amplifier but at the expense of its stability and convergence
speed [16]. Some of the latest clipping algorithms, which include the improved method, the rescale algorithm,
using the projection method, which not only restricts the overdriven signal within the output constraint, but
also rescales the weight of control filter to stabilize the algorithm [16, 20]. The leaky-type FxLMS algorithm
introduces a leakage or penalization factor in the cost function to constrain the control effort and stabilize the
adaptation [21]. However, these algorithms do not impose a specified constraint and only adjusts the leakage
factor by trial and error to meet the power budget requirement. Therefore, a two-gradient FxLMS (2GD-FxLMS)
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Figure 1. A periodic signal with amplitude distortion. Figure 2. A periodic signal with amplitude distortion.

algorithm, which imposes a specified output constraint with the same computational complexity as conventional
FxLMS, was recently proposed [22]. It uses the Hemstitching method [23] to switch the gradient direction of
the FxLMS algorithm to avoid the saturation distortion when the output signal violates the constraint and finally
converges to the optimal control solution within the output constraint. Hence, this paper seeks to experimentally
validate the previously proposed 2GD-FXLMS algorithm.

2 PROBLEM FORMULATION
This practical implementation is targeted at the audio amplifier, which is natively restricted by its electrical prop-
erties, especially its maximum output power. If the output signal exceeds its maximum allowance, the amplifier
becomes saturated, resulting in amplitude and phase distortion, deteriorating the noise reduction performance
and stability of ANC.

2.1 Amplitude distortion
Amplitude distortion arises when the part of the signal, whose amplitude is above the threshold (the maximum
output amplitude of the amplifier), is clipped. For instance, we consider an audio amplifier with unity gain and
the amplifier threshold of Vthr. If an input signal x(t) = Asin(ω0t) has an amplitude of A larger than Vthr, the
amplifier’s output signal is clipped to

y(t) =


Vthr, ω0t +2kπ ∈ [π

2 −∆t, π

2 +∆t]
Asin(ω0t), otherwise
−Vthr, ω0t +2kπ ∈ [ 3π

2 −∆t, 3π

2 +∆t]
(1)

as shown in Fig. 1, where ∆t = π

2 − arcsin(Vthr/A) and k ∈ Z. Its Fourier series can be rewritten as

y(t) =
−2∆t +π + sin(2∆t)

π
Asin(ω0t)+

4cos(∆t)sin3(∆t)
3π

Asin(3ω0t)+ . . . (2)

It is clear that harmonic components are generated as a result of amplitude distortion. Figure. 2 illustrates
a single-frequency adaptive noise canceller with a saturated amplifier model whose amplitude threshold is
Vthr. The secondary path transfer function denoted by Hs(z) has a gain of As. The noise disturbance d(n) =
Dsin(ω0n) has an amplitude of D at the single frequency ω0. The reference signal x(n) = sin(ω0n+θr) is of
the same frequency but at a different initial phase θr as the disturbance. As the amplitude of the disturbance
decides the status of the audio amplifier [10], there is no distortion when the amplitude is D ∈ [0,AsVthr]. When
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D ∈ (AsVthr,
4AsVthr

π
], the amplifier is moderately overdriven, and the disturbance can be entirely canceled at the

fundamental harmonic, but some harmonics are also generated. Once the amplitude becomes D ∈ ( 4AsVthr
π

,∞),
the disturbance is only partially suppressed. The residual signals will drive the control filter coefficients un-
boundedly until it overflows.

2.2 Phase distortion
In many applications, the saturation of the amplifier often results in phase distortion, which in turns contributes
to additional phase shift (phase error) in the secondary path. The disturbance is rewritten as its Fourier series
[24]

d(n) =
∞

∑
k=−∞

Dk =
∞

∑
k=−∞

Dkejkω0n (3)

where Dk represents the amplitude of the kth harmonic. The output signal of the control filter is given by

y(n) =
∞

∑
k=−∞

Y k =
∞

∑
k=−∞

Ykejkω0n. (4)

Hence, the square error of the noise canceller is stated to

J = E

{
∞

∑
k=−∞

‖Ek‖2

}
= E

{
∞

∑
k=−∞

∥∥∥Dk−Hs

(
ejkω0

)
Y k

∥∥∥2
}

(5)

where E{·} denotes the expectation operation. According to the least mean square (LMS) error method, the
new output is derived as

Y k(n+1) = Y k(n)+µH∗s
(

ejkω0
)

Ek(n) (6)

where µ is the step size. When the amplifier enters the saturation, a phase error θa is brought into the secondary
path. So, (6) is rewritten as

Y k(n+1) = Y k(n)+µH∗s
(

ejkω0
)

ejθaEk(n). (7)

Substituting the optimal solution Y o
k into (7) yields

Y k(n+1)−Y o
k =

[
1−µejθaH∗s

(
ejkω0

)
Hs

(
ejkω0

)][
Y k(n)−Y o

k
]
. (8)

Hence, to guarantee the convergence of (7), the phase error should be

|θa|< arccos
[

µ

2
H∗s
(

ejkω0
)

Hs

(
ejkω0

)]
. (9)

If the phase error, caused by the amplifier’s saturation, exceeds this bound, it may deteriorate the system’s
stability.

3 TWO-GRADIENT FILTERED-X LEAST MEAN SQUARES (2GD-FXLMS) ALGO-
RITHM

To confine the output power of the amplifier while maximumly reducing the disturbance, we define a new cost
function for the active control problem as

min
w

J (w) = E

∣∣∣∣∣d(n)− L−1

∑
l=0

slwT(n− l)x(n− l)

∣∣∣∣∣
2


s.t. g(w) = E
[∣∣wT(n)x(n)

∣∣2]≤ ρ
2

(10)
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Table 1. Pseudocode of 2GD-FxLMS algorithm

Two gradients FxLMS algorithm (2GD-FxLMS)

Input: Reference signal x(n) and error signal e(n).

Output: Clipped output signal yout(n).

Step 1: y(n) = wT(n)x(n);

x′(n) = ŝT(n)x(n).

Step 2: If |y(n)| ≤ ρ

w(n+1) = w(n)+µ1e(n)x′(n);

else

w(n+1) = w(n)−µ2y(n)x(n).

Step 3: If y(n)> ρ, yout(n) = ρ

else if y(n)<−ρ, yout(n) =−ρ

else yout(n) = y(n).

where | · | denotes the absolute value. sl is the lth coefficient of the secondary path Hs(z) of length L, and x(n)
and w(n) represent the reference signal and the control filter’s weight vector, respectively. ρ2 is the constraint
on the power of the output signal. According to the Kuhn-Tucker condition [25], the (10) has only one optimal
solution as

wo = (λoRxx +Rx′x′)
−1 Pdx′ (11)

where Rxx and Rx′x′ represent the autocorrelation matrix of the reference x(n) and filtered reference

x′(n) =
L−1

∑
l=0

slx(n− l) (12)

and Pdx′ denotes the cross-correlation vector of E [d(n)x′(n)]. λo is the Lagrangian factor given by

λo =
E{y′o(n)[d(n)− y′o(n)]}

ρ2 ≥ 0, (13)

where the optimal anti-noise is

y′o(n) =
L−1

∑
l=0

slwT
o x(n− l). (14)

To achieve the optimal solution of (10), we utilize the hemstitching method to derive the recursive formula of
the control filter. When the output power of the control is within the constraint (E[y(n)2] = E

[∣∣wT(n)x(n)
∣∣2]≤

ρ2), the weight update is given by

w(n+1) = w(n)− 1
2

µ1
∇J(w)

||∇J(w)||
. (15)

In contrast, when the output power exceeds the constraint (E
[∣∣wT(n)x(n)

∣∣2] > ρ2), the weight update changes
to

w(n+1) = w(n)− 1
2

µ2
∇g(w)

||∇g(w)||
(16)
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Figure 3. The error signal (top) and control signal
(bottom) of the 2GD-FxLMS algorithm with an out-
put constraint of 0.8.

Figure 4. The active noise control air duct with the
Class-AB (TDA2030A) audio amplifier.

where || · || denotes the Euclidean distance, and µ1 and µ2 are the step sizes. To further reduce the computation,
we approximated the gradient in (15) and (16) by their instantaneous values as{

∇J(w) =−2e(n)x′(n)
∇g(w) = 2y(n)x(n).

(17)

By substituting (17) into (15) and (16), and replacing the normalized gradient and average power constraint
with the instantaneous gradient and amplitude constraint, the update equation is expressed as

w(n+1) = w(n)+µ1e(n)x′(n) (18)

when the output signal |y(n)|= |wT(n)x(n)| ≤ ρ , while

w(n+1) = w(n)−µ2y(n)x(n) (19)

when |y(n)|> ρ . To guarantee that the output signal falls within the constraint, the output signal is clipped

yout(n) =


ρ y(n)> ρ

−ρ y(n)<−ρ

y(n) others.
(20)

From (18) and (19), the algorithm operates with two different gradients, giving rise to its name: two gradients
FxLMS (2GD-FxLMS). The 2GD-FxLMS uses the first term of (17) (as the same as conventional FxLMS)
in updating the control filter to cancel the disturbance, when the output signal is within the output constraint.
However, when the output violates the constraint, the algorithm adopts the second term of (17) to minimize the
power of the output signal.

4 IMPLEMENTATION OF ALGORITHM
To use the 2GD-FxLMS algorithm for avoiding amplifier saturation, the following procedure is implemented.
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Figure 5. Error signals’ power spectrum of FxLMS
and 2GD-FxLMS for the tonal noise.

Figure 6. Error signals’ power spectrum of FxLMS
and 2GD-FxLMS for the broadband noise.

Stage 1: Obtain the threshold ρ2 of the power amplifier by experimental measurement or referring to its manual
book.
Stage 2: Implement 2GD-FxLMS as described in Table 1. It is noted that a 2GD-FxLMS, which consists of
the control filter with M taps and the secondary path estimate with L taps, requires 2M+L+1 multiplications
and 2M+L−2 additions, which is the same as the conventional FxLMS.
Stage 3: Determine µ1 as the conventional FxLMS. Facing severe saturation distortion, adopt a large µ2 to exert
a tight restraint on the output power. However, if higher noise reduction with slight distortion is acceptable, a
small µ2 is more suitable.

5 SIMULATION RESULTS
In the simulation, the primary and secondary paths were measured from an air duct. The sampling rate and
primary noise’s frequency were set to 16 kHz and 1 kHz, respectively. The step size µ1 and µ2 in 2GD-
FxLMS were both chosen as 5×10−5, and the output constraint was set 0.8. Fig. 3 validates that 2GD-FxLMS
can confine the output signal within the constraint while reducing the disturbance to a certain extent.

6 EXPERIMENT RESULTS
A real-time implementation based on the feedforward FxLMS and 2GD-FxLMS algorithms in a NI PXIe 8880
controller was also carried out in a small noise chamber, as shown in Fig. 4. The audio amplifier TDA2030A
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had a threshold of 750 mV. The NI PXIe-6368 module accomplished analog input, signal conditioning, and
output of the system, with a sampling rate of 16 kHz. The length of the control filter and the secondary path
estimate were chosen as 512 taps and 256 taps, respectively.
To understand the distortion created by the audio amplifier, we define the total harmonic distortion (THD) as

THD =

√
V 2

2 +V 2
3 +V 2

4 + · · ·
V1

(21)

where Vn (n = 1,2, · · ·) is root mean square (RMS) voltage of the nth harmonic and n = 1 is the fundamental
frequency.
In the experiment, the two primary noise signals were tested: a 1 kHz tone, and a broadband signal from 500
Hz to 1.4 kHz. For the tonal noise, as shown in Fig. 5, FxLMS reduces the disturbance from 58 dB to 43 dB
but cannot prevent the saturation distortion, resulting in a total harmonic distortion (THD) of 174%. In contrast,
2GD-FxLMS not only mitigate the disturbance to 53 dB but also prevents the audio amplifier from distortion
with THD of 0.6%. For broadband noise, 2GD-FxLMS also suppresses the high-frequencies distortion better
than FxLMS, as illustrated in Fig. 6.

7 CONCLUSION
This paper analyzed the amplitude and phase distortions created by the saturated audio amplifier and their
effects on the performance of an ANC system. To deal with this issue, the previously proposed 2GD-FxLMS
algorithm was applied. It has the same computational complexity as the conventional FxLMS and effectively
suppresses the saturation distortion by restricting the output power of the audio amplifier. To validate the 2GD-
FxLMS algorithm experimentally, it was implemented on an NI PXIe platform in a small noise chamber. The
experiments verify that the algorithm can successfully mitigate the tonal and broadband noise, while preventing
the audio amplifier from distortion. Further research could investigate the influence of the two step-sizes on the
2GD-FxLMS algorithm.
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ABSTRACT 
In an active noise control (ANC) system, computational complexity is one major concern when designing 
practical control algorithms. One approach to reducing computational complexity is to apply a decentralized 
control scheme rather than the centralized scheme. The decentralized scheme attempts to control a number of 
ANC subsystems independently, where for simplicity, one subsystem consists of one loudspeaker and one 
error microphone. Our recent published article has shown theoretically that a decentralized two-channel 
ANC system can achieve the same noise reduction performance as the centralized one with guaranteed 
convergence in the frequency domain. In this work, we attempt to extend the results from two-channel case to 
N (N>1) channel case. The challenge sits in finding N complex numbers that could properly shape the 
eigenvalues of an N ´ N matrix for each frequency bin towards guaranteed convergence. Due to the problem 
complexity, we conduct empirical study by using the genetic algorithm (GA). Simulation results on the 
channel numbers of 4, 6, and 12 demonstrate that the resulting decentralized ANC controller is also able to 
achieve the same noise reduction performance as the centralized controller. 
 
Keywords: ANC, decentralized control 

1. INTRODUCTION 
   Active noise control (ANC) techniques have been successfully exploited to remove or mitigate 
sound noise in many applications, such as designing ANC systems for headphone applications [1], 
reducing acoustic noise in magnetic resonance (MR) imaging [2], and creating a quiet zone around 
listener ears [3]. The basic principle of an ANC system is to introduce a set of secondary sources to 
interfere destructively with the primary sound by using multiple channels of loudspeakers and error 
microphones, where each channel consists of one pair of loudspeaker and error microphone. To be able 
to cancel the sound noise, a central controller is commonly employed to collect and process signals from 
all the error microphones, and then make proper adjustments to the loudspeakers using the filtered-x LMS 
algorithm [4], referred to as the centralized control scheme. In general, the noise reduction performance 
of the system improves along with an increasing number of channels at the cost of high computational 
complexity and expensive wiring, which is therefore unscalable and preventing it from broad applicability. 
   In recent years, it has attracted increasing attention on reducing the computational complexity of 
the centralized controller for a large-scale ANC system in the sound and acoustic community. Two 
schemes have been proposed in the literature to address the above issue. The first one is to introduce 
the framework of distributed computing in the ANC system [5], [6], [7]. Specifically, [5] treats an 
ANC system as a ring network where each secondary source is taken as one node in the network. The 
computational burden is then distributed across all the secondary sources by performing incremental 
computation sequentially over the ring network. At each iteration, the computation unit at each 
secondary source receives, updates and then transmits the control signal of all the secondary sources 
by interacting with neighbours. The method achieves the same noise reduction performance as the 
centralized controller at the cost of high transmission bandwidth and potential slow tracking speed. 
The work of [6] and [7] extend [5] by utilizing a diffusion strategy in the update expressions of the 
                                                        
1 {guoqiang.zhang, xiaojun.qiu}@uts.edu.au 
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control signal.   
   A decentralized control scheme aims to reduce both the computational complexity and expensive 
wiring of the central controllers (see [8], [9]). The basic idea is to treat a large scale ANC system as a 
combination of small-size ANC subsystems, where each subsystem, for example, can be taken as a 
single-channel ANC. Each subsystem adjusts its own control signal only based on its associated error 
microphone(s). Due to the inherent coupling between the secondary sources and error microphones, it 
remains challenging to design effective and robust control methods for the multiple subsystems. The 
work of [8] proposed and analyzed a feedforward decentralized control method by studying matrix 
eigenvalues in the frequency domain, where the matrix is determined by transfer functions of the 
secondary paths of the whole system. It is found that if the inputs of the secondary sources are 
constrained to be sufficiently small in magnitude, the control method is guaranteed to converge. 
However, small inputs implicitly degrade the noise reduction performance, which is practically 
unattractive. The recent work [9] conducted extensive simulations and experiments for the control 
method of [8] and drew a number of insightful observations. 
   Recently, we have reconsidered decentralized two-channel control in the frequency domain [10]. In 
this situation, it is shown in [10] that properly designed decentralized control can theoretically achieve 
the same noise reduce performance as the centralized controller without enforcing small inputs of the 
secondary sources as in [8]. Considering each frequency bin, the basic idea of [10] is to find two 
complex values that can push the eigenvalues of a 2´2 matrix to the right complex domain (i.e., the two 
eigenvalues having positive real parts). A procedure is provided in [10] for finding the two complex 
values for each frequency bin. Later on, the authors in [11] attempted to extend our results to 
decentralized N-channel ANC (N>1, see Fig. 1). They proposed to find N complex values such that all 
the eigenvalues of the corresponding N´N matrix for each frequency bin are equal to 1, which are then 
transformed to solving N nonlinear equations. However, it is unclear if a solution exists or not. It also remains 
open to explicitly solve the nonlinear equations to obtain the N optimal complex values.   
   In this paper, we reconsider decentralized N-channel ANC based on the genetic algorithm (GA) 
[12]. Our motivation is that the problem formulation in [11] for the N-channel case might be 
unnecessarily strict, making it difficult to search for the optimal solution even if it exists. In this work, 
we intend to find N complex values for each frequency bin such that all the eigenvalues of the 
associated N´N matrix are pushed to the right complex domain rather than being pushed to 1 as in [11]. By 
relaxing the problem formulation, it would more likely lead to the existence of a solution for the 
problem. Due to the problem complexity, we apply GA to compute the N complex values for each N´N 
matrix. A special nonconvex optimization problem in terms of the maximum and minimum eigenvalue 
phases is constructed to facilitate the usage of the GA method. Simulation results on the channel 
numbers of 4, 6, and 12 for an ANC system attached to a rectangular enclosure with a baffled opening 
(see the simulation setup in Section 4) demonstrate that the resulting decentralized ANC controller is 
also able to achieve the same noise reduction performance as the centralized controller.  

2. Multi-Channel ANC Signal Model 
   Consider a primary sound disturbance generated by a point monopole at a single frequency. We exploit 
an ANC system to mitigate or remove the disturbance in the same environment. The considered ANC 
system consists of N (N>1) secondary sources and N error microphones, where each secondary source and 
its collocated error microphone form a single-channel ANC subsystem (see Fig. 1). As the considered 
disturbance is from one frequency, all the signals can be represented as single complex numbers. We omit 
the frequency index here for concision.   

Based on the above guidelines, the complex steady state signal at the 𝑖th error microphone can be 
represented as  

𝑒# = 𝑑# + 𝑧#()
(*+ 𝑢(,																																																																																																																											(1)        

where 𝑑#	represents the disturbance from the primary source at the 𝑖th error microphone, 𝑢(  is the 
complex input to the 𝑗 th secondary source, and 𝑧#(  represents the complex response from the 𝑗 th 
secondary source to the 𝑖th error microphone. Eq. (1) can be further expressed into a compact vector form 
as 

             𝒆 = 𝒅 + 𝒁𝒖,			where		𝒁 =
𝑧++ ⋯ 𝑧+)
⋮ ⋱ ⋮
𝑧)+ ⋯ 𝑧))

.          	 	 	 	 	 	 	 	 	 	 	 	 	 	 	 	 	 	 (2) 

The N×N complex matrix 𝒁 captures the joint response of the N secondary sources at the N error 
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microphones.   
 

 

Figure 1 – Demonstration of a decentralized multi-channel ANC system, where each channel consists of a 
secondary source and its collocated error microphone. The parameters 𝑧@A , s,𝑣 = 1,2⋯ ,𝑁, denote the 
frequency response of the acoustic path from 𝑠 to 𝑣, and 𝑑A represents the noise disturbance at microphone 
index 𝑠.    

 
The objective of a controller is to minimize the error vector 𝒆 by adjusting the input vector 𝒖 properly. 

For the case that 𝒁 is nonsingular, the optimal input vector 𝒖⋆ can be computed by minimizing the sum 
of squared error signals directly, given by [8] 

            𝒖⋆ = argmin
𝒖

+
K
𝒆L𝒆 = 	−𝒁N+𝒅,																																																																																														(3) 

where the superscripts (∙)L and (∙)N+	denote conjugate transpose and matrix inversion, respectively. It is 
immediate that when 𝒖 = 	𝒖⋆, the error signal	𝒆 = 𝟎, which completely cancels out the primary noise. 
When the matrix 𝒁 is singular, a common strategy for computing 𝒖⋆ is to introduce a quadratic penalty 
function of 𝒖  into the objective function. One can then easily derive the optimal solution of 𝒖⋆ 
accordingly [8]. 

3. Towards Optimal Decentralized ANC Control 
   In this section, we first describe the optimization problem to allow for optimal decentralized control of 
an N-channel ANC system. A decentralized controller is optimal if it is able to achieve the same noise 
reduction performance as the centralized controller. We then explain how to solve the optimization problem 
using the genetic algorithm (GA).  

3.1 Problem formulation  
   We start with the iterative update expression for an N-channel decentralized controller. Suppose its 
input to the N secondary sources at iteration 𝑘 is 𝒖 𝑘 . The input signal 𝒖 𝑘 + 1  at next iteration 𝑘 +
1 can be computed by following the steepest descent algorithm as 

		𝒖 𝑘 + 1 = 𝒖 𝑘 − 𝜇𝑪𝒆 𝑘 ,																																																																																																																	(4) 
where 𝑪 =diag([𝑐+, … , 𝑐)]) is a diagonal matrix to be determined, and 𝜇 > 0 is the step-size of the 
steepest descent algorithm. Plugging the expression (2) for 𝒆 at iteration 𝑘 into (4) yields  

𝒖 𝑘 + 1 = 𝑰 − 𝑢𝑪𝒁 𝒖 𝑘 − 𝜇𝑪𝒅,																																																																																																					 5    
where the matrix 𝒁 is assumed to be nonsingular. It can be shown that the iterates in (5) converge to a 
fixed point if and only if all the eigenvalues of the matrix in the square bracket have modulus less than one. 
By using algebra, it can be concluded that as long as the real parts of all the eigenvalues of 𝑪𝒁 are positive, 
a sufficient small step-size 𝑢 would allow the iterates in (5) to converge. It is not difficult to show that the 
fixed point of (5) after convergence can be expressed as 
  																		𝒖 ∞ = − 𝑪𝒁 N+𝑪𝒅 = 	−𝒁N+𝒅,																																																																																																									(6) 
which coincides with the optimal solution in (3), thus reaching the optimal noise reduction performance.  
   The above analysis suggests that the key step to ensure convergence of (4) or (5) is to find a proper 
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diagonal matrix 𝑪 such that all the eigenvalues of the matrix product 𝑪𝒁 are located in the right complex 
domain. The above problem can be formulated mathematically as     

 𝑪∗ = argmin
𝑪
1									subject	to 	𝑪 = 	diag 𝑐+, … , 𝑐) 	and	𝜆#,hi 𝑪𝒁 > 0				∀𝑖 = 1, … , 𝑁,														(7) 

where 1 represents a constant function, and 𝜆#,hi ∙ 	denotes the real part of the 𝑖th eigenvalue of a 
matrix. Eq. (7) defines a nonconvex optimization problem in terms of the N complex numbers {𝑐+, 𝑐K, 
…, 𝑐)} embedded in the diagonal matrix	𝑪. It is noted from (7) that there are in total N nonlinear 
constraints, one for each matrix eigenvalue. That is, the number of free parameters is equal to the 
number of constraints. When N=2, it is clear from [10] that there exists 𝑪∗ such that 𝜆#,hi 𝑪∗𝒁 ≥ 0 
for 𝑖 = 1,2. For the more general case N>2, it remains open to show the existence of a solution in (7).   
   We note that the optimal solution for 𝑪 in (7) is not unique if it exists. One can simply multiply a 
positive scalar to 𝑪𝒁, which would not change the sign of the eigenvalues. Alternatively, one can also 
twist an optimal solution a bit by adding a sufficiently small noise without changing the sign of the 
eigenvalues. In general, it is preferable to find an optimal solution for 𝑪  such that the resulting 
eigenvalues are far away from the left complex domain, which would lead to fast algorithmic 
convergence.       
   Remark: The traditional decentralized controller in [8, 9] directly sets 𝑪 to be 𝑪 = 𝒁mL, where 𝒁m 
is a diagonal matrix obtained by keeping only the diagonal elements of 𝒁. Empirical studies on an 
ANC system with 2, 6, and 15 channels in [9] demonstrate that the above special setup of 𝑪 does not 
always converge, where the failure cases are due to the negative real parts of the eigenvalues of 𝒁mL𝒁.      

3.2 On shaping matrix eigenvalues using the genetic algorithm  
   In this subsection, we consider solving the nonconvex optimization problem of (7) using GA [12]. It is 
well known that GA is quite flexible and can be used to solve highly nonlinear and nonconvex optimization 
problems. Differently from the traditional optimization methods such as the steepest descent algorithm, GA 
does not rely on any gradient information. Instead, it creates a population of solution candidates. At each 
iteration, the candidates undergo a series of bio-inspired operations such as mutation, crossover and 
selection to produce new candidates. Only the candidates that produce low functional costs survive and the 
rests are eliminated to be able to evolve towards a satisfactory solution.  
   For the nonconvex problem (7), it is, in general, quite difficult to compute the gradient of the 
eigenvalues of 𝑪𝒁 w.r.t. 𝑪. This prevents it from employing traditional optimization methods for solving 
(7). In principle, GA can be used for solving (7) without difficulty due to its flexibility and generality. One 
property of GA is that given limited computation time, it may not reach the global optimal solution. For our 
problem (7), a solution that satisfies all the N inequality constraints is sufficient.  
3.2.1 On utilizing GA 
   To be able to employ GA for solving (7), we first need to perform problem reformulation. A constant 
objective function 1 in (7) cannot be directly used in GA. To do so, we first introduce a number of notations. 
Given a complex number 𝑐 = 𝑐n + 𝑗𝑐#, we use |𝑐| and ∠𝑐 ∈ −𝜋, 𝜋  to denote its amplitude and phase, 
respectively. To facilitate computation by GA, we set 𝑪 in (7) to be a product of two diagonal matrices 
where one matrix is 𝒁mL, which can be expressed as       

       𝑪	 = diag 𝒂 𝒁mL,																																																																																																																																								 8  
where 𝒂 is an N-dimensional complex vector to be optimized. Next we define two functions 𝜃vwx(𝒂) ∈
−𝜋, 𝜋  and 𝜃vyz(𝒂) ∈ −𝜋, 𝜋  to be  

         𝜃vwx(𝒂) = max
#
∠	𝜆# diag(𝒂)𝒁mL𝒁  and  𝜃vyz(𝒂) = min

#
∠	𝜆# diag(𝒂)𝒁mL𝒁 ,           (9) 

where the maximization and minimization in (9) are taken over the phase values of all the N eigenvalues of 
the matrix diag(𝒂)𝒁mL𝒁.  
   We now construct a new optimization problem in terms of 𝜃vwx(𝒂) and 𝜃vyz(𝒂) as  
														𝒂∗ 	= 	argmin

𝒂
𝑔 𝒂 = 𝜃vwx(𝒂) }×1~��� 𝒂 �� + 𝜃vyz(𝒂) }×1~��� 𝒂 �� ,																												(10) 

subject to 
  						𝑏� 	≥ 𝑎# 	≥ 𝑏�														∀𝑖 = 1, … , 𝑁																																																																																																							 11  
    	2𝜋 ≥ ∠𝑎# 	≥ 0															∀𝑖 = 1, … , 𝑁																																																																																																							 12  

 
where 1(∙) is an indicator function. The two parameters 𝑏� and 𝑏� are the imposed upper and lower 
bounds on the magnitude of elements of 𝒂. In practice, the lower bound 𝑏� should be selected to be 
positive (i.e., 	𝑏�>0) to ensure that the overall matrix diag(𝒂)𝒁mL𝒁 is nonsingular.  
   From a high level perspective, the optimization problem (8)-(12) is formulated to search for a solution 
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of 𝒂 such that the phases of all the eigenvalues of the matrix diag(𝒂)𝒁mL𝒁 are close to 0 as much as 
possible. This is realized by penalizing the 4th order of the maximum and minimum eigenvalue phases 
𝜃vwx(𝒂) and 𝜃vyz(𝒂) if necessary. If the solution space of (7) is not empty, one can alternatively solve 
the problem (8)-(12) to obtain a solution to (7).    
   In this work, we apply GA to solve the nonconvex problem (8)-(12). The objective function 𝑔 𝒂  will 
be used to evaluate the quality of each solution candidate generated by GA at each iteration, where only 
those candidates that produce small functional values are kept to give birth to new child candidates. The 
amplitude-phase constraints (11) -(12) are imposed on 𝒂 to facilitate the computation of GA.    
3.2.2 Solution refinement after the GA procedure 

We note that the global optimal solution 𝒂∗ to (8)-(12) should have the following property:  
         𝜃vwx 𝒂∗ + 𝜃vyz 𝒂∗ = 0.   

However, in practice, the GA method may not produce the global optimal solution given limited time 
and computational resources. It is highly likely that the output 𝒂�� of GA would lead to 𝜃vwx 𝒂�� +
𝜃vyz 𝒂�� ≠ 0 . That is, the maximum and minimum phases 𝜃vwx 𝒂��  and 𝜃vyz 𝒂��  are not 
symmetric around the real axis of the complex domain.   
   Based on the above analysis, we can refine the solution 𝒂�� by performing a rotation operation to 
the eigenvalues of diag(𝒂��)𝒁mL𝒁 such that the resulting minimum eigenvalue phase is the negative of 
the maximum eigenvalue phase. The rotation operation can be easily achieved by multiplying a scalar 
𝑒(�	to 𝒂��, where the phrase 𝜙 can be computed as  
           𝜙 = 	−(𝜃vwx 𝒂�� + 	𝜃vyz 𝒂�� )/2.																																																																																															(13)  
Based on (8)-(13), we can obtain the final estimate 𝑪�� for 𝑪 in (7), which can be represented as      
  𝑪�� 	= 𝑒(� ∙ 	diag 𝒂�� 𝒁mL,																																																																																																														(14) 
where 𝒂�� is computed by solving (8)-(12) using the GA method, and 𝜙 is obtained from (13). 

4. Simulation Results 

4.1 Simulation setup 
   We follow a similar simulation setup to that in [9, 10] to evaluate the proposed GA-based method for 
decentralized N-channel ANC. A monopole sound source is located inside a rectangular enclosure with N 
channels of loudspeakers and microphones placed near a baffled opening (see Fig. 2 for the setup of N=6, 
12). The enclosure dimensions are chosen as 𝐿� = 0.432 m, 𝐿� = 0.670 m, and 𝐿� = 0.598 m. The 
opening of the enclosure at 𝑧 = 𝐿� is assumed to be embedded in an infinite baffle. The primary source is 
placed at 𝑟A = 	 (0.12, 0.12, 0.16) m with a strength of 𝑞� = 1×10N}𝑚�/𝑠. 

 

Figure 2 - A monopole sound source inside a rectangular enclosure with a baffled opening. 

   The channel numbers of 𝑁 = 	4, 6, 12 were studied in the simulation. For each N-channel ANC, the N 
error microphones were evenly placed on the open surface at 𝑧 = 𝐿� while the N loudspeakers were 
evenly placed right below the error microphones at the vertical level 𝑧 = 	 𝐿� − 0.1	𝑚. We consider noise 
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reduction performance at 100 evenly sampled frequency bins from 5 Hz to 500 Hz: 𝑓 =
5	Hz, 10	Hz, … , 500	Hz. As the GA method needs to be applied for each ANC setup at each frequency bin, 
300 𝒁 matrices were tested in total using our proposed method. The default implementation of the GA 
method in Matlab R2016a was used in our simulations. The two bounds in (11) were set to be 𝑏� = 20 
and 𝑏� = 0.5, respectively.  

For performance comparison, we tested both the conventional decentralized controller considered in [8, 
9], and our newly proposed decentralized controller. While the convergence of our proposed controller is 
characterized by the real parts of the eigenvalues of 𝑪��𝒁 (see Section 3) for each frequency bin, the 
convergence of the conventional controller in [8, 9] is determined by the eigenvalues’ real parts of 𝒁mL𝒁. 
Therefore in the following, we mainly study the eigenvalue properties of the two matrices 𝑪��𝒁 and 𝒁mL𝒁 
across different frequency bins over the ANC channel numbers of 4, 6, and 12.  

4.2 On stability of the proposed decentralized control method 
   Fig. 3 shows the minima of the eigenvalues’ real parts and their signs for the two matrices 𝒁mL𝒁 and 
𝑪��	𝒁 for the channel numbers of 4, 6, 12, where it is noted that 𝒁mL𝒁 and 𝑪��	𝒁 are extracted from the 
decentralized controller of [8, 9] and our proposed controller, respectively. It is clear from the figure that 
for each channel number, our proposed method manages to shape the eigenvalues of 𝑪��	𝒁 properly over 
all the considered frequency bins, ensuring that the real parts of all the eigenvalues are positive. As a result, 
the proposed control method is able to achieve the same noise reduction performance as the centralized one. 
This indicates that the GA method is effective for finding a satisfactory solution 𝑪�� for each matrix 𝒁 
measured from the considered ANC setup.     
 

 
Figure 3 - The minima of the eigenvalues’ real part and their signs. (a)-(c)-(e): the minima of the 

eigenvalues’ real parts of 𝒁mL𝒁	and 𝑪��	𝒁. (b)-(d)-(f): the signs of the eigenvalues’ real part minima of 
𝒁mL𝒁 and (“1” and “-1” stand for positive and negative respectively) 
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   By contrast, the conventional decentralized method in [8, 9] would diverge at the frequency bins where 
the minima of the eigenvalues’ real part are negative. To fix the convergence issue in this situation, the 
noise reduction performance of the conventional decentralized method has to be sacrificed by imposing 
constraints on the magnitude of the input to the loudspeakers (see [8, 9] for details). 

4.3 Comparison of eigenvalue distributions 
   In this subsection, we study the eigenvalue distributions of 𝒁mL𝒁 and 𝑪��	𝒁 in the complex domain 
at two frequencies of 350 Hz and 500 Hz. Our primary motivation to do so is to reflect the 
controllability of the GA method on the resulting eigenvalues of 𝑪��	𝒁  qualitatively. The two 
frequencies were chosen carefully so that the minima of the eigenvalues’ real parts of 𝒁mL𝒁 at 350 Hz 
and 500 Hz are negative and positively, respectively, (see Fig. 3). To facilitate comparison between the 
two matrices 𝒁mL𝒁 and 𝑪��	𝒁, the eigenvalues of each matrix were normalized by division over its 
largest eigenvalue magnitude.  
   Fig. 4 shows the normalized eigenvalues of the two matrices for the two considered frequencies 
across the channel number of 4, 6, and 12. For the simple case of 350 Hz, it is seen that the GA method 
managed to squeeze the phases of all eigenvalues of 𝑪��	𝒁 around 0 for all three channel numbers 
while the phases of 𝒁mL𝒁 are scattered in the right complex domain. At 500 Hz, the eigenvalue phases 
of the matrix 𝑪��	𝒁 are pushed in a relatively small phase region by the GA method. The above 
properties suggest that the reformulated optimization problem (8) -(12) is effective, which makes the 
GA method work as expected.   

 

 

Figure 4 – Visualization of the normalized eigenvalues of 𝒁mL𝒁 and 𝑪��	𝒁 at two frequencies of 350 Hz 
and 500 Hz over the ANC channel numbers of 4, 6, and 12. 
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5. CONCLUSIONS 
   In this paper, we have studied decentralized control of an N-channel ANC system in the frequency 
domain. As an extension of our previous two-channel work [10], we considered shaping the 
eigenvalues of an N´ N matrix for each frequency bin by using the GA method. To be able to apply the 
GA method, we have built a special nonconvex optimization problem in terms of the maximum and 
minimum eigenvalue phases. Simulation results for the ANC channel numbers of 4, 6, and 12 over a 
semi-open rectangular enclosure suggest that the GA method indeed is able to effectively push all the 
eigenvalues of the N´ N matrix to the right complex domain, thus ensuring the convergence of the 
corresponding decentralized controller to reach the optimal noise reduction performance.  
   The research conducted in this paper is empirical. It still remains open to find out the existence of 
a solution for an arbitrary N´ N matrix extracted from a real N-channel ANC system that can lead to 
optimal decentralized ANC control.  
   In addition, the GA method would become increasingly heavy as the channel number N increases. 
To allow for decentralized control of a large-scale ANC system (e.g., several hundred channels), it is 
desired to develop advanced optimization methods other than the GA method that can properly shape 
the eigenvalues of the N´ N matrix with low complexity.       
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Design and construction of loudspeakers with low-  drivers for 
low-frequency active noise control applications 

Marios GIOUVANAKIS1; Konstantinos KASIDAKIS; Christos SEVASTIADIS; 
George PAPANIKOLAOU 
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ABSTRACT 
The design and construction of small sound sources, as the elementary building components of a compound 
source for low-frequency noise control applications, is investigated. The need for small volume cabinet 
loudspeakers has led to a vented design with low force factor ( ) drivers, exploiting their high compliance 
and low-frequency resonance. The combination of such small powerful sources can lead to dipole or 
multipole compound set-ups, in which the radiation directivity pattern in open spaces and modal coupling in 
closed spaces can be controlled via the parameters of the distinct driving signals. The construction constraints 
of the cabinet are accounted for, considering the loudspeaker’s design optimization. A cabinet with two ports 
tuned close to the driver’s resonance frequency is constructed to extend the loudspeaker’s output at low 
frequencies. The impact of the position, dimension, and number of the tubes to the loudspeaker’s frequency 
response are examined through measurements. The design analysis and experiments show the direction to the 
optimum construction. A pair of these sources combined in dipole configurations is measured in terms of 
polar radiation pattern. The implementation of such loudspeakers is advantageous in small rooms, where the 
available space is of great concern. 
 
Keywords: Low-Bl Drivers, Low-Frequencies, Active Noise Control 

1. INTRODUCTION 
Low-frequency sound reproduction with small transducers is quite inefficient. There are 

applications in small enclosures where the available space is limited and the volume of control sources 
is of great importance, as the active noise control (ANC) of low-frequency sound which demands usual 
bulky secondary sources. ANC techniques have been proposed with secondary compound sources (1). 
The necessity that secondary sources should be efficient in the whole audible range is not a demand. In 
order for a driver to be efficient in the low-frequency range (< 100 Hz) or to a more restricted 
frequency area, it must be included in a large enclosure. So, the dilemma is for the designer to choose 
either high efficiency or a small enclosure.  

Aarts (2) offered a partial solution to this by using the low-  concept in cases that small cabinets 
and high efficiency are important. The so-called low force factor driver has a high and maximum 
efficiency in a limited frequency region tuned at its low resonance frequency, fS. The force factor Bl, 
which is the product of the flux density B [Wb] in the air gap and the effective length l [m] of the voice 
coil wire, has a very important role in the loudspeaker’s design as it determines the efficiency, 
impedance, SPL response, weight, and cost. As this factor is a measure of the power of 
electromechanical conversion, low values typically show low damping of the loudspeaker’s 
mechanical parts at fS. In the same study, the optimum value of the factor to obtain the maximum 
sensitivity at the driver’s fS is given. This design offers higher power efficiency and voltage sensitivity 
than usual bass drivers. The loudspeaker may be of the moving-magnet type with a stationary coil 
because the magnet can be considerably smaller; therefore the cabinet’s volume may be smaller. The 
efficient pass-band range of the driver decreases considerably. Such loudspeakers offer a potential 
optimization of the low-frequency reproduction because they behave as narrow bandwidth filters with 
high-quality factors and can be tuned at low resonance frequencies (3). 
                                                        
1 mgiouvan@ece.auth.gr 
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In this work, two identical monopole sources of small volume are constructed and measured, after 
an optimum design. The concept of vented-box loudspeakers is utilized for the successful extension in 
the low-frequency range comparing to sealed-box ones. As in ordinary rooms the first axial modes 
extend up to about 80 Hz and below the Schroeder frequency, the aim is to construct monopole sources 
that have both small volume and high efficiency at a narrow range of about 20 Hz. The construction 
constraints are accounted via measurements. Two monopole sources are configured in several dipole 
set-ups and their polar patterns are measured in a fully anechoic chamber. The following sources 
present the potential of the adaptive directivity sources application to low-frequency ANC in small 
enclosures (4-8). 

2. LOUDSPEAKER DESIGN 

2.1 Theory 
The Thiele/Small parameters specify the low-frequency performance of a loudspeaker driver and 

contain the information to calculate the speaker response in any box (9, 10). The resonance 
frequency of the moving system of a driver is fS given by Eq. (1), in which the input impedance is 
maximum. The quality factors  and  of a driver at fS considering electrical and non-electrical 
resistances only respectively, lead to , the total Q of the driver at fS. Also,  is the volume of air 
in liters having the same acoustic compliance as the driver suspension and is given by Eq. (2). 

  (1)   (2) 

where  [g] is the mass assembly including air load,  [m2] the effective projected surface area 
of the driver’s diaphragm,  the suspension compliance, ρ the air density [kg/m3] and c the speed of 
sound [m/s]. 

The closed box significantly improves the loudspeaker response at low frequencies  and 
introduces the parameter of the enclosure’s air , i.e. the addition of a second compliance , as 
given in Eq. 3 along with that of the speaker’s suspension. The ratio of the two volumes or 
compliances denoted by α in Eq. 4, determines the degree of coupling of the box with the 
loudspeaker (11). 

  (3)  (4) 

When inserting the diaphragm into a sealed enclosure, the resonant frequency  and the quality factor 
 are changed accordingly to α. Because of the small volume of the speaker under development 

( ), it is an "air suspension" model, in which the compliance of the enclosed air is smaller than 
that of the suspension and the damping power of the diaphragm comes mainly from the air of the 
box. While  in this case, if it is necessary to extend the efficient operating frequency range 
lower than or even as same as fS, another action must be taken. In case that the  is increased, the 
fS is reduced and so does the . Hence, for a fixed enclosure size the ratio α and, therefore the , is 
increased. One technique for extending the loudspeaker’s function to lower frequencies is to add 
extra mass to the diaphragm, as it is observed by Eq. 1. 

With a bass-reflex box (also vented box or reflex-port system) the loudspeaker’s efficiency is 
increased from the sound of the diaphragm’s rear side comparing to a closed box at low frequencies. 
An extra degree of freedom is inserted through the port in the speaker’s transfer function as it is a duct 
of variable dimensions and operates as a Helmholtz resonator since the mass of air inside reacts with 
the air in the box. There are two resonant frequencies; fS and that of the port-box resonance, fB. The 
ratio  is the coupling measure of the loudspeaker with the vented box. The contribution of 
the port is significant for one to two octaves above the fB. The output of the port can be combined 
properly with that of the loudspeaker in a reciprocal way by enhancing the system ’s response in the 
lower frequencies. An example of the effect of the parameters h and α on the speaker’s response is 
depicted in Figure 3. 

Based on the Small’s analysis (11), it is shown that in the acoustical analogous circuit of a vented 
box loudspeaker system, an induction ΜAP expressing the acoustic mass of port is added in parallel to 
the box compliance of air, CAB. Therefore, the LC-loop created by the box-port system has a tuning 
frequency and a factor  that represents the Q of the resonant 
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circuit at ωB, with RAL to be the acoustic resistance of enclosure losses caused by leakage, along with 
the other T-S parameters given by Eq. (4)-(9) from the same work. One more resonance is inserted to 
the system in addition to that of the closed box. The loop circuit offers an inverse resonance to the 
input impedance with its minimum at fB and combined with the fS results in the impedance response 
shown in Figure 1. The vent dimensions in accordance with the fB are calculated by: 

     (5) 

with the length  [in], the box volume  [cu in] and the radius  of vent [in]. The minimum 
diameter to avoid a power loss is  with  the cone displacement 
volume [cu m] (12). 

 

Figure 1 - Typical input impedance curve of a 

vented box loudspeaker system. 

Figure 2 - Design steps of a closed box loudspeaker.

2.2 System design decision 
The increase in moving mass reduces the resonance frequency and increases the . Moreover, 

the reference sensitivity is decreased (10). However, there is no confirmation that the loudspeaker 
suspension will withstand the extra mass, or that the diaphragm motion-axis will not be displaced even 
slightly. The probability of such failures is greater in the case of low-  drivers because of the "weak" 
magnet. Moreover, a possible addition of mass must be done very precisely so as not to change the 
weight distribution on the diaphragm resulting in the non-linear motion of the cone. In the case of a 
vented box, the port must be tuned at a low-frequency and the speaker driver must also have a low 
resonant frequency. The parameters that are at the discretion of the designer to handle are the box 
volume and the possible addition of mass. Depending on the application, a suitable combination of 
these parameters leads to different responses. 

In the present work, small box volume is the major concern. However, as this is decreased, the fB 
increases with the overall quality factor, with the latter to be desirable for greater efficiency near the 
resonant frequency. It is, therefore, preferable to choose a loudspeaker with as low force factor as 
possible rather than adding a moving-mass to extend the response to lower frequencies. The 4-inch 
loudspeaker driver that is used fairly meets the above criteria with  and . 

The volume of implementation to meet the limits and optimize the loudspeaker’s low-frequency 
response must be studied. In order to visualize the changes made by each system modification to the 
speaker response, a software was developed in Matlab, in which the user can enter the fundamental, the 
Thiele/Small parameters and the box properties and calculate the transfer function of the loudspeaker. 
Multiple parameters can be altered and the changes are observed graphically. An example is depicted 
for the case of a sealed cabinet in Figure 2. The effect of mass-adding is also shown, which is replaced 
by the port-mass in the final vented cabinets.  

An advantage of a vented box is the low cone excursion comparing to a sealed enclosure, i.e. lower 
distortion, above the tuning frequency. However, this does not stand below the fB as the excursion rate 
increases rapidly, meaning a potential rumble noise and cone’s destruction, so care must be taken not 
to drive the speaker in this range (12). 
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Figure 3 - Effect of α and h in the response of a vented box loudspeaker. 

Table 1 - Effect of  on fB in a one-port 
test box with d = 3.2 cm 

Lv [cm] fB [Hz] 
16 52.1 
18 47.1 
20 44.4 
38 44.0 

 

Figure 4 - Maximum SPL of a low-  speaker 
in vented box with two tubes of LV = 19 cm 

3. LOW-  LOUDSPEAKER IMPLEMENTATION 

3.1 Loudspeaker design 
In a test box, aluminum pipes of 32, 27 and 18 mm diameter were used. According to Eq. 6 and as 

can be seen from Table 1, for reducing the fB in a given enclosure the tube’s length must be increased. 
However, this can be achieved as the length increases up to a certain point, in which the air inside the 
vent resonates and the fB is reduced. It seems that an impractical length of a pipe must be used within 
a one-port box for the fB to be at 44 Hz. Moreover, the loudspeaker was tested under increasing the 
input voltage from 2 V (=1 W for 4 Ω drivers) at a step of 0.1 V until the driver started showing 
non-linear function or fluid noise from the tube was coming. The sound pressure level was tracked 
with a calibrated sound level meter.  

After not so satisfactory results, it was decided to create a second port in the box which was 
measured with several pipe diameters having the same length, with some results given in Figure 4. It is 
observed that a lower fB of 41Hz can be achieved with two vents of much shorter length and diameter. 
Especially at the center frequencies of 1/3-octave bands of 40 and 50 Hz, the only case with a 
satisfactory output is the first one, i.e. two pipes of  = 19 cm and d = 18 mm. Ιn Figures 5 and 6, the 
input impedance with the tuned-box frequencies are depicted and transfer function for four 
combinations of  and d are shown respectively for a double-port box, in order to get the optimum 
low-frequency response. The effect upon the fB is apparent. Thus, the choice of the above dimensions 
for the ports is considered to be suitable, aiming at greater sensitivity to frequencies in the range 40 – 
60 Hz.  
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Finally, two low-Bl loudspeakers with outer dimensions of  were constructed 
in double-port vented boxes (fB = 41 Hz) with 15mm-thick plywood as shown in Figure 7. The total 
volume is 5.8 l. Without the driver and ports, the approximate internal volume is 3.5 l.

 
Figure 5 – Measured input impedance with 

two ports of different lengths and diameters.

 
Figure 6 – Measured transfer function with 
two ports of different lengths and diameters. 

3.2 Constructed loudspeakers acoustic measurements 
The measurements to obtain the response results and polar patterns of the constructed speakers 

were conducted in a fully anechoic chamber. The input signal to measure the transfer functions was a 
pink noise filtered from 35 Hz to protect the loudspeaker from over-displacement. The speakers were 
also driven by sine waves of certain frequencies to obtain their polar pattern. 

The two loudspeakers were measured independently first and then combined in various dipole 
set-ups to obtain their radiation pattern. The microphone was stationary throughout the measurements, 
positioned 1.5 m from the sources’ acoustic center. As the latter, the center of the box was chosen for 
the case of one source and the middle of the distance of the two centers for the case of two sources.  In 
Table 2, it is shown that the two sources have the same sensitivity at 1 kHz. The sound level was 
measured also with sine waves of 40, 80 and 200 Hz. From the monopoles’ polar patterns in Figure 8, 
it seems that their behavior at low frequencies is essentially that of an omnidirectional source  with a 
small deviation (less than 1-2 dB). As these monopoles present an almost identical response with only 
slight deviations, the next step was to be combined in dipole configurations. 

Several dipole set-ups, with the two loudspeakers driven by inverse signals in a distance much 
smaller than the radiated wavelength, were measured regarding their directivity pattern as seen in 
Figures 9-10. For example, the FB set-up is the usual dipole with 15 cm distance between the two 
monopoles. The microphone corresponds to 0o in the patterns. The purpose of the several set-ups was 
their directivity behavior to be tested for different driver diaphragm and ports orientations of its 
comprising monopoles. 

 
Table 2 - Loudspeakers responses 

f [Hz] Loudspeaker 1 
[dB] (1W@1m) 

Loudspeaker 2 
[dB] (1W@1m) 

40 66.3 66.7 
80 80.9 81.1 

200 79.2 79 
1000 81.3 81.3 

 
Figure 7 - The constructed loudspeakers.
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Figure 8 - The measured polar patterns of the constructed speakers for the frequencies of 40 Hz 
(blue), 63 Hz (green) and 100 Hz (yellow).

 

Figure 9 – Dipole measurement in a fully 
anechoic chamber

 

Figure 10 - Dipole configurations. FB: 
front-back, FS: front-side, SIS: side-inverse 

side. 

4. DISCUSSION 
In Table 1, it is observed that in the operation range between 44 and 52 Hz, the length of the port 

tubes can be changed keeping the loudspeaker volume constant. However, a minimum distance of the 
tube end from the loudspeaker inner back side must be considered, because of the expected noise. 
Another notable comment regarding the use of vented box loudspeakers is that care must be always 
considered not to drive them with high-level signals on frequencies below the fB, as in this frequency 
region the diaphragm excursion is increased rapidly and the danger of destroying the driver is severe. 

Regarding the FB set-up, it leads to a dipole polar pattern (Figure 11). Sufficient reduction of the 
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radiated sound is observed at perpendicular directions of the dipole’s axis in all frequencies.  As far as 
the other two set-ups are concerned, an expected turning of the pattern in relation to the microphone is 
presented. Especially in the two lower frequencies, the dips in the dipole shape are weaker than in the 
case of 100 Hz. This is probably due to the maximized operation of the ports for frequencies close to 
the fB, as can be observed for the case of 40 Hz (blue line). The ports function as extra acoustic centers 
in addition to the diaphragms; therefore more radiation axes in different directions are defined from 
their combinations. These result in the polar patterns not to have the figure-of-eight shape. 

  

 

Figure 11 - The measured polar patterns of three dipole configurations (a: FB, b: FS, c: SIS) for the 
frequencies of 40 Hz (blue), 63 Hz (green) and 100 Hz (red). 

5. CONCLUSIONS 
This work presents the study and construction of loudspeakers with low-  drivers for 

low-frequency applications such as ANC in small closed spaces. Utilizing a low force factor driver 
with higher suspension compliance, lightweight and small vented box loudspeakers are constructed. 
Vented box design offers better performance at the lower frequency range than closed boxes, giving 
the designer the ability to reduce the volume of the speaker cabinet. By increasing the number of ports, 
better performance in the low-frequency region is obtained. Moreover, the fB can be tuned in a narrow 
low-frequency range by changing only the vents while keeping the same cabinet.  The designed 
speakers were tested in dipole set-ups. The polar responses were satisfying in the frequency region 

(a) (b) 

(c) 
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where the loudspeakers radiated through the driver diaphragm, but when the radiation was through the 
port tubes, it deviated from the typical figure-of-eight response. 

The potential implementation of such loudspeakers in combining dipoles or more compound 
sources is the next step, as they offer the flexibility to configure numerous topologies and provide an 
alternative to the common bulky monopole sources, especially in small rooms with big restriction in 
positioning. The requirement that the frequency response to be flat is relaxed as the performance of the 
speaker in the pass-band is of no concern. The efficient ANC at a narrow low-frequency band in small 
spaces leads to amplify the speaker response around the fS and keep it as low as possible along with the 
enclosure’s size. Nonetheless, further investigations including combinations of more-than-one dipoles 
in different topologies should be made for their radiation patterns, as the design of such compound 
sources is an advantage for ANC applications. 
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Abstract
Sound sources localization (SSL) is a subject of active research in the field of multi-channel signal process-
ing since many years, and could benefit from the emergence of data-driven approaches. In the present paper,
we present our recent developments on the use of a deep neural network, fed with raw multichannel audio in
order to achieve sound source localization in reverberating and noisy environments. This paradigm allows to
avoid the simplifying assumptions that most traditional localization methods incorporate using source models
and propagating models. However, for an efficient training process, supervised machine learning algorithms rely
on large-sized and precisely labelled datasets. There is therefore a critical need to generate a large number of
audio data recorded by microphone arrays in various environments. When the dataset is built either with numer-
ical simulations or with experimental 3D soundfield synthesis, the physical validity is also critical. We therefore
present an efficient tensor GPU-based computation of synthetic room impulse responses using fractional delays
for image source models, and analyze the localization performances of the proposed neural network fed with
this dataset, which allows a significant improvement in terms of SSL accuracy over the traditional MUSIC and
SRP-PHAT methods.
Keywords : Localization, Deep-Learning, Dataset, Reverberant

1 INTRODUCTION
Sound sources localization (SSL) in reverberant or noisy environments is a challenging task, with wide appli-
cations ranges, such as sensitive areas acoustic surveillance, speaker localization for videoconferencing tasks,
acoustic diagnosis in industrial engineering, or acoustic survey systems of animal species. In order to solve
this inverse problem using acoustic measurements, many classes of algorithms have been developed in the last
decades using microphone array signal processing, propagation models, and signal models. However, when
the background noise is high and the propagating medium differs from the model, these acoustic localization
methods are either less efficient or require significant computation time.
In the last years, Deep Learning methods have been demonstrated to be efficient for a large number of tasks,
especially for computer vision and machine hearing. More specifically, for acoustic based applications, Deep
Learning approaches have been successfully applied for automatic speech recognition (ASR) or speaker recog-
nition and allow to achieve state of the art performances. More recently, the use of Deep Learning methods
and data-based paradigms have been explored by the scientific community for sound sources localization tasks.
In order to reach this goal, several promising approaches have been proposed. Some are them are based on
pre-processed features calculated from the measured multichannel signals, either in the frequency domain [1]–
[4] or in the ambisonic domain [5]. In this paper, we propose to perform a SSL task using raw multichannel
audio signals. The main intent is to perform the localization inference in real-time, without having to rely on
hand-crafted features or signal based hypothesis. We therefore propose a neural network architecture that aims
at performing a joint feature learning process, in order to solve the SSL inverse problem from raw multichannel
audio, in a similar way to what we recently proposed for sound recognition tasks using raw audio [6].
For data-based methods, the learning efficiency strongly relies on the dataset used for the training process. For
a SSL task, several approaches can be exploited in order to build the multichannel audio dataset. These ap-
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proaches can be either based on realistic numerical simulations of the direct problem, on extensive experimental
measurements, or on hybrid methods which use real-life (or simulated) room impulse responses (RIRs) in order
to perform a convolution with real-life recordings [7]. For simulation-based or hybrid-based approaches, the
dataset has to be realistic enough in order to match real recording conditions. In addition, a large variability
in the dataset should be available during the learning process, so that features can be efficiently extracted from
the raw multichannel data without overfitting to a specific configuration. We therefore developed an efficient
tensor GPU-based computation of synthetic RIRs, using fractional delays for image source models. Using this
dataset for a compact microphone array, the proposed neural network architecture allows to perform a 2D DOA
inference with a significant improvement in terms of SSL accuracy of 1o to 25o in anechoic and reverberant
environments and strong noisy conditions over the MUSIC and SRP-PHAT methods, for speech signals.

2 METHODS AND EVALUATION
2.1 Multichannel reverberant audio Dataset
In the context of the development of this Deep Learning based approach for SSL using raw audio data, we have
built several datasets using the MiniDSP UMA-8 compact microphone array (see https://www.minidsp.com/
products/usb-audio-interface/uma-8-microphone-array) geometry, either using simulated data or mea-
sured data. This geometry matches those of the microphone arrays used in personal assistants such as Amazon
Alexa, Google Home, or Apple HomePod. The UMA-8 array is composed of 7 digital MEMS microphones,
the first one being at the center of the array, and the 6 others being evenly distributed on a 8 cm diameter
circle. For both the dataset development and the neural network architecture, the proposed approach has been
tailored in order to acomodate any microphone array configurations. However, in this paper, for sake of clarity
and concision, we chose to illustrate the results using this particular array, both for model-based and data-based
approaches.

Distancesources
↔microphones

2m

Attenuation
0.5

Delay
257.895samples

Fractionaldelay
0.895

Integerdelay
257

Conv

FIR
0.7

Figure 1. 7th order Lagrange interpolation for the fractional delay computation, for a single source/microphone.
This approach is used for more than 20× 109 image source-receiver configurations in order to compute the
48000×7 RIRs used to build the dataset corresponding to a typical classroom geometry, with a TR of 0.5 s.

The multichannel reverberant dataset relies on the computation of realistic RIRs using the image method [8], for
48000 source positions in the considered room, and for every microphone position of the compact measurement
array. As a consequence, the dataset relies on the computation of 336000 RIRs for this particular microphone
array. For each of these RIRs, the whole number of image sources positions and corresponding attenuations that
contribute to the acoustic field for a time interval of [0;TR] are computed using the Pyroomacoustics library [9].
For a typical classroom size of 7x10x3.70 m with a TR of 0.5 s, the whole number of image sources therefore
represents more than 80000 image sources for each RIR.
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For such a large number of RIRs and image sources, the existing frameworks did not allow to perform the RIR
computation efficiently and accurately enough. This is the reason why we developed for this specific application
a fast parallel batch RIR computation performed on the GPU using the Tensorflow APIs [10]. This implemen-
tation is achieved using sparse tensors computations and an efficient fractional delay filters implementation (see
Fig. 1). For a compact microphone such as the UMA-8, there is a critical need to keep the precision of the
time delays corresponding to the distance between each of the image sources involved in the RIR computation
and the microphones. In order to implement the RIR with non integer sample delays, we therefore used a 7th

order Lagrange interpolation [11], that allows to perform a better accuracy that standard truncated sinc interpo-
lations, with a much lower computation cost. The integer part of the sample delay is represented as a sparse
array, and the 7 coefficients of each fractional delay filters along with the individual dampings corresponding to
the cumulative effect of each wall of the room and the distance between the image source and the microphones
are then used (see Fig. 1) to compute the RIRs using every source image contributions (see Fig. 2). Using this
large number of RIRs, the complete dataset is built using batch convolutions with real-life recordings.

(a) Linear representation (b) Logarithmic representation

Figure 2. Example of the simulated RIR for a source in a room with a reverberation time of 0.5 s using the
proposed GPU-based fast implementation.

2.2 Proposed neural network architecture
The proposed neural network architecture is directly fed with raw multichannel audio data measured by the
microphone array (see Fig. 3), without any further preprocessing, in order to allow a joint feature learning along
with the SSL task. We also specifically developed this architecture in order to allow real-time SSL inference
after convergence of the training process. The convolutional neural cells, which are widely used in deep neural
network architectures, can be thought as a strict equivalent to learnable finite impulse response (FIR) filtering
in standard digital signal processing (DSP). Conventional beamforming methods can be thought as a filter and
sum approach [12]. The global neural architecture depicted on Fig. 3 has been therefore developed in a similar
way, with specific operations allowing the neural network to be expressive enough to achieve the SSL task in
reverberant and noisy environments using raw multichannel audio data.
The proposed neural network is built using successive subnetworks that act as learnable filterbanks. Each subnet-
work is implemented as a residual network of 1D depthwise separable atrous convolutional layers with exponen-
tially increasing dilation factors, which have recently emerged as an efficient architecture for audio generation
[13], denoising [14], neural translation [15], and raw audio recognition [6]. The atrous convolutions are per-
formed independently over every input channel, and allow to achieve a large receptive field with only 6 sets of
one-dimensional convolutions with kernels of size 1×3. This presents the considerable advantage of making a
much more efficient use of the parameters available for representation learning than standard convolutions [15].
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These computed depthwise convolutions are then projected onto a new channel space for each layer using a
pointwise convolution. Each atrous convolution layer is followed by a layer normalization process and a tanh
activation function. After M successive filterbanks (M = 3 on Fig. 3), a pseudo-energy computation is achieved
using a mean computation of the squared output channels followed by a Selu activation function [16]. This
nonlinear activation function has been recently introduced in the literature in order to avoid standard batch nor-
malization processes, without degrading the computational efficiency of deep neural networks. The computed
pseudo-energies are then fed to a dense layer in order to compute the overall output of the neural network,
which corresponds to the estimation of the source’s position in cartesian coordinates, similarly to what Ada-
vanne et al. proposed in [1], in order to avoid any ambiguity due to discontinuies at the angular wrap-around
for DOA retrieval, which is treated as a regression task.
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Figure 3. Global neural network architecture for the SSL task, based on successive learnable filterbanks based
on residual subnetworks of dephwise separable atrous 1D convolutions with increasing dilation rates and pseudo-
energy computation. The output corresponds to the estimated source position in cartesian coordinates.

The cost function is computed using the mean square error loss on the spherical distance between the reference
and the estimated locations, in order to solve the SSL as a regression task. In order to enforce overall energy
conservation between the measured input channels and the output of the successive learnable filterbanks, a
second term is added to this cost function in order to minimize the L1-norm of the difference between these
energies. The learning and backpropagation of errors through the neural network is optimized using the Adaptive
Moment Estimation (Adam) [17] algorithm, which performs an exponential moving average of the gradient and
the squared gradient, and allows to control the decay rates of these moving averages. The models have been
implemented and tested using the Tensorflow open source software library [10].

2.3 Methods
As explained in the previous section, the dataset is computed using a large number of RIRs, which are batch
convoluted with real life recordings, similarly to what has been proposed in [4], [5], [7]. The dataset is split
into training, validation and test sets, with a ratio of 80:10:10. The proposed approach has been tested both in
an anechoic environment and in a reverberant environment with a typical classroom size of 7×10×3.7 m and
a reverberation time of 0.5 s. In this case, the microphone array is positioned at coordinates [4,6,1.5] m, the
origin of the Cartesian coordinate system corresponding to a corner of the room.
For each environments, the source positions are randomly drawn from a uniform distribution in a torus of mean
radius R = 2 m, centered on the microphone array position, with a section dR.Rsin(dφ) (see Fig. 4). Since
we aim at achieving 2D-DOA retrieval of the angular position θ , this process allows to introduce a spatial
variability in order to increase the robustness of the proposed method to unseen conditions.
For each environment, the dataset is equally distributed over 6 kinds of real life signals convoluted with 8000
random positions, each signal corresponding to different kinds of frequency contents : a 1000 Hz sinusoidal
tone, a car horn, anechoic recordings (see https://users.aalto.fi/~ktlokki/Sinfrec/sinfrec.html) of
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Figure 4. Random distribution of the source positions at a given angular position θ

symphonic music [18], and outdoor recordings of a people’s multiple talking in Danish (mostly women) (see
https://odeon.dk/downloads/anechoic-recordings/). At the training phase, each multichannel record-
ings of the training mini batches are added to a random Gaussian noise with randomly picked signal-to-noise
ratio (SNR) values in the range of [+∞,+10] dB. This process can be interpreted as a data augmentation strat-
egy, which allows to ease the generalization capabilities of the proposed method during the learning process.

2.4 Evaluation
Since the output of the proposed neural network corresponds to continuous cartesian coordinates (x,y), the
estimated angular position of the sources are inferred using θ = 180

π
arctan2( y

x ). In order to evaluate the 2D-
DOA SSL performances of the proposed algorithm and to compare it in a reproducible way to model-based
algorithms (MUSIC [19] and SRP-PHAT [20]), each method is tested using the exact same testing dataset. This
testing dataset consists in 360 sources, uniformly distributed over a circle of radius R = 2 m, using speech data
(unseen during the training phase). The mean DOA mismatch is evaluated over these 360 positions, for each
proposed environments, and for different deterministic (SNR) values, ranging from +∞ (no noise) to 0dB in
order to evaluate the robustness of each methods to noisy measurements.

3 RESULTS AND DISCUSSION
In this section, the SSL performances of the proposed method, denoted as “BeamLearning” are compared with
those obtained using the MUSIC and SRP-PHAT methods. The performance metric used here corresponds to
the mean absolute angular mismatch over the whole 360 test positions.

3.1 Ideal case of non-noisy measurements : robustness to reverberation
In order to assess the capabilities of the BeamLearning approach, the proposed deep neural network has been
trained using two different datasets, corresponding to an anechoic environment, and the reverberant environment
with a reverberation time of 0.5 s described in the previous sections. The neural network has been trained using
the proposed data augmentation, with a random SNR value for each element of the training mini-batches. Even
if the neural network already allows to obtain good results after a small number of epochs (50 epochs for the
anechoic case and 250 epochs for the reverberant case), the training phase has been performed during 2600
epochs, which improved SSL performances by a few tenths of degrees, without any sign of overfitting.

Method Anechoïc room Reverberant room (TR = 0.5 s)
MUSIC 0.25o 3.6o

SRP-PHAT 0.25o 2.5o

BeamLearning (proposed) 0.35o 2.4o

Table 1. Mean absolute angular mismatch obtained using the speech testing dataset (360 positions) for the
two model-based methods and the proposed data-based methods for a SSL task in the ideal case of non-noisy
measurements. The proposed neural network has been trained using noisy measurements, with random SNR
values ranging from +∞ to +10 dB. Bold font indicates best result obtained.
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Table 1 shows the obtained results using MUSIC, SRP-PHAT, and BeamLearning, after convergence of the
learning process. Interestingly, these results show that the BeamLearning approach performs significantly better
than both model-based methods in the reverberant environment. In the simpler case of an anechoïc room how-
ever, the obtained angular mismatch obtained using the proposed approach is slightly higher than with MUSIC
and SRP-PHAT, but the DOA estimation error remains very low for the three methods.
Interestingly, when the neural network is trained using non-noisy data (no data augmentation), the BeamLearning
approach allows to obtain a DOA mismatch of 0.28o in an anechoïc room, which matches the performances of
MUSIC and SRP-PHAT. As shown in the following section, a further exploration of the SSL performances in
noisy environments shows that the data augmentation method allows BeamLearning to be more robust to noise
than the model-based methods, which explains the reasons why Table 1 shows the testing results obtained using
data augmentation, even if the obtained results are slightly worse for the ideal case of non-noisy measurements.

3.2 Robustness to measurement noise
These competitive results obtained for the SSL task in ideal conditions using the BeamLearning approach moti-
vated a systematic analysis of performances of the proposed deep neural network after convergence under noisy
conditions, including heavy cases, where the SNR value equals to 0 dB (the data augmentation during the train-
ing phase only included higher SNR values than +10 dB). The obtained results are presented on Fig. 5, both
for the anechoïc case and the reverberant case.

(a) Anechoïc environment (b) Reverberant environement (TR = 0.5 s)

Figure 5. Mean absolute angular mismatch obtained using the speech testing dataset (360 positions) with SNR
values ranging from +∞ to 0 dB. These DOA errors are plotted for the MUSIC method (solid blue curve),
the SRP-PHAT method (solid green curve), and the proposed BeamLearning approach (dotted curves), in both
an anechoïc environment (a) and a reverberant environment (b). The proposed neural network has been trained
using noisy measurements, with random SNR values ranging from +∞ to +10 dB (orange dash-dotted curve)
and random SNR values ranging from +∞ to +28 dB (red dotted curve).

In both environments, the obtained results show that the BeamLearning approach allows to achieve better SSL
performances under noisy conditions than the model-based algorithms, even for lower SNR values than those
used in the training phase. As expected, SRP-PHAT gives the worst performances for noisy measurements,
and MUSIC allows to improve the DOA estimation. However, the BeamLearning approach allows to improve
the DOA estimation precision by 1o to 10o over the MUSIC method (resp. 10o to 24o over the SRP-PHAT
method), for SNR values lower than 20 dB in reverberant environments. In the anechoic case, the same trend
is observed, with a 2o to 4o improvement over the MUSIC method, and a 3o to 10o improvement over the
SRP-PHAT method, for SNR values lower than 20 dB.
In order to further investigate the influence of the data augmentation process, the neural network has also been
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trained in reverberant environments, with added random Gaussian noise with randomly picked SNR values in
the range of [+∞,+28] dB instead of [+∞,+10] dB (see dotted red curve on Fig. 5). The obtained results
show that in this case of less intensive data augmentation, the BeamLearning approach is less robust to noise
for SNR values lower than 15 dB, therefore validating the proposed approach of data augmentation with a high
variability in SNR values, in order to increase robustness to measurement noise for SSL assessment.

3.3 Computational efficiency
As shown in the previous sections, the proposed Deep Learning approach strongly relies on a large sized dataset,
with a high variability in terms of sources positions, signals, and SNR values. Using this process, the Beam-
Learning approach allows to achieve the SSL task with a higher precision and a better robustness to measure-
ment noise than MUSIC and SRP-PHAT methods, in both reverberant and anechoïc environments, including
under unseen heavy noise conditions. Using the proposed datasets, the whole learning process took approxi-
mately 190 hours of computation using a Nvidia GTX 1080Ti GPU card, for a total of 645 hours of audio
waveforms processed by the proposed model. This computation time in the learning phase includes the feed
forward propagation, loss function computations, back-propagation, gradients computations and variables updates
using Adam. For inference at the testing phase however, the neural network model parameters are frozen, and
the only computations involved correspond to the feed forward propagation of the input data to evaluate the
source’s angular position. In this case, the mean computation time for one DOA estimation reduces to 0.2 ms
on the same GPU card, which is significantly faster than the mean computation times of 660 ms and 47 ms for
the MUSIC and SRP-PHAT methods using an Intel Core i7-6900K CPU card.

4 CONCLUSIONS
In this paper, we presented BeamLearning, a machine learning approach for the sound source localization task,
using raw multichannel audio. The proposed neural network allows to estimate a sound source’s angular po-
sition, with a higher accuracy and a better robustness to noisy measurements than the traditional model-based
MUSIC and SRP-PHAT methods. The proposed data-based approach is inspired by the filter and sum approach
used in traditional beamforming, and allows to estimate a source position in real time, using a neural network
which mainly consists in successive learnable filterbanks based on residual subnetworks of depthwise separable
atrous 1D-convolutions, followed by a pseudo-energy computation over the learnt channels. We also show that
the success of this approach strongly relies on the dataset used in the training phase, which has been built
using an efficient implementation on the GPU of a large number of RIR, and a batch convolution on the GPU
of these computed RIRs with real life recordings. In a future work, an experimental dataset will be presented,
based on computed RIRs and the use 3D sound field synthesis using higher ambisonics. Preliminary results on
this experimental dataset show that similar improvements are observed, with the main advantage of allowing the
neural network to build the best representation in order to compensate the individual microphone frequency re-
sponses and the diffraction effects induced by the microphone array structure, which are not taken into account
using standard model-based methods.
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ABSTRACT 
A laser microphone has recently been focused on acquiring the distant target speech without unnecessary 
sounds. It measures the vibration of the object near the target sound source by irradiating the object surface 
with the laser beam. However, the speech acquired with this microphone degrades the sound quality. For 
instance, the speech components at higher frequencies are attenuated by vibration characteristic of the object, 
and the speech is collapsed by the stationary noise due to lower intensity of the laser beam reflected from the 
object. To improve the sound quality of the degraded speech, deep neural networks (DNNs) have recently 
been proposed. They are trained by using a set of acoustic features extracted from the degraded speech and 
the clean speech. However, the speech components at higher frequencies are still attenuated after processed 
by the DNN. Therefore, we propose the method to improve the sound quality with harmonic reconstruction 
after processed by the DNN. The proposed method is based on the harmonic structure of the speech signal 
and reconstructs the speech harmonics by utilizing a non-linear function. We evaluated the effectiveness of 
the proposed method through perceptual evaluation of speech quality. 
 
Keywords: Laser microphone, Deep learning, Deep neural network, Harmonic reconstruction, Sound quality 
improvement 

1. INTRODUCTION 
When the distant target speech is acquired with the air-conduction microphone, unnecessary sounds 

are also acquired because the diaphragm of the microphone is vibrated by not only the target speech 
but also unnecessary sounds. Recently, a laser microphone has been focused on the solution of this 
problem [1]. It measures the object’s vibration by irradiating the object surface with the laser beam. 
Because of the measurement using the laser beam, it can measure the only target speech as far as the 
laser beam reaches the object. However, the speech acquired with the laser microphone degrades the 
sound quality. For example, the speech components at higher frequencies are attenuated, and the 
speech is collapsed by the stationary noise. These degradations are caused by vibration characteristic 
of the object and lower intensity of the laser beam reflected from the object. By these degradations, the 
speech harmonics at higher frequencies are lost, and the acquired speech becomes unclear. Therefore, 
it is necessary to improve the sound quality of the speech acquired with the laser microphone. 

Recently, deep learning has attracted attention as the sound quality improvement of the degraded 
speech [2-4]. The basic strategy of applying a deep neural network (DNN) for the sound quality 
improvement is to train a network using a large set of acoustic features extracted from the degraded 
speech and the clean speech. The trained DNN can reduce the nonstationary noise as well as the 
stationary noise. However, if the input signal is close to zero, the output signal is also close to zero. 
Hence, when the DNN is trained using the speech with high-frequency attenuation like the speech 
acquired with the laser microphone, the DNN can ineffectively reconstruct the speech components at 
higher frequencies. Moreover, the larger the size of the DNN is, the larger the computational 
complexity of applying the DNN is.  

In this paper, we propose a method for sound quality improvement to reconstruct the harmonic 
                                                        
1 is0247es@ed.ritsumei.ac.jp 
2 iwai8sp@fc.ritsumei.ac.jp 
3 fukumori@fc.ritsumei.ac.jp 
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structure of the speech after processed by the DNN. The proposed method is based on the harmonic 
structure of the speech signal and reconstructs the speech harmonics by utilizing a non -linear function. 
To reconstruct the harmonic structure, we focus on that the periodic square wave which composes the 
harmonics of the fundamental frequency [5, 6]. The convolution between the spectrum of the acquired 
speech and that of the periodic square wave can reconstruct the speech harmonics. Then, the sound 
quality of the speech signal is improved, in other words, the speech signal is clearer. Moreover, the 
reconstruction of the harmonic structure can be employed with small configuration of the filter, and the 
proposed method has small computational complexity. Therefore, we can reduce the computational 
complexity for the sound quality improvement by combining the smaller DNN with the harmonic 
reconstruction. 

2. SPEECH ACQUISITION WITH LASER MICROPHONE 
In this section, we describe the degradation of the speech acquired with the laser microphone. Here, 

we define the laser microphone as the system for acquiring the sound by irradiating the surface of the 
object near the sound source with the laser beam. In this paper, we use a laser Doppler vibrometer 
(LDV) as the laser microphone. It can measure the vibration of the object which is vibrated slightly by 
the sound. It can be used to acquire the distant speech by irradiating the distant object with the laser 
beam. However, the speech acquired with the laser microphone is degraded by various noises such as 
the stationary noise [7] and the speckle noise [1, 8]. The stationary noise occurs when the intensity of 
the laser beam reflected from the object becomes lower. The spectral amplitude of this noise is 
proportional to the frequency. The speckle noise occurs in the vibration measurements on rough 
surfaces which are moved to vertical direction with respect to the irradiating direction. It has spikes 
which direct towards zero in the time domain. Moreover, the speech components at higher frequencies 
of the acquired speech are attenuated. This is caused by vibration characteristic of the object that the 
laser microphone irradiates with the laser beam. 

 

  
(a) (b)  

 
(c) 

Figure 1 – Arrangement for measurement with the laser microphone using (a) a fixed paper,  
(b) a paper moved by the wind and (c) a polypropylene plate with a reflective tape 

 

 (a) (b) (c) (d)  
Figure 2 – Spectrograms of (a) clean speech, acquired speech by the laser microphone using  

(b) a fixed paper, (c) a paper moved by the wind and (d) a polypropylene plate with a reflective tape 
 

6938



 

Here, we show the measurement results to confirm the degradation of the speech acquired with the 
laser microphone. In this experiment, we focused on the degradation by the stationary noise, the 
speckle noise and high-frequency attenuation. Experimental setup is shown in Fig. 1. To confirm the 
stationary noise, we used a paper located in front of the loudspeaker. A paper reflects the laser beam 
with lower intensity. To confirm the speckle noise, we used a paper moved by the wind from the 
circulator. A paper which has rough surfaces is moved by the wind to vertical direction with respect to 
the irradiating direction. To confirm high-frequency attenuation, we used a polypropylene plate with a 
reflective tape. The vibration measured by a polypropylene plate has lower power at higher 
frequencies [9]. A reflective tape is used for suppressing the noise in the measurement with the laser 
microphone. We acquired Japanese speech “ikioi (Japanese pronunciation: ikioi)” that the female 
uttered in ATR phoneme balanced 216 words [10]. The spectrograms of acquired speech signals are 
shown in Fig. 2. From Fig. 2, we can see that the speeches acquired with the laser microphone are 
degraded. The acquired speech with the fixed paper is collapsed by the stationary noise over the speech 
components at higher frequencies. The speech acquired by using the paper moved by the wind is 
collapsed by the speckle noise which randomly occurs on the entire frequency range. In the acquired 
speech by using the polypropylene plate with the reflective tape, the noise is reduced compared with 
the acquired speeches of the object without the reflective tape. On the other hand, the speech 
components at higher frequencies attenuates because of the vibration characteristic of the object. From 
these results, we confirmed the degradation by acquiring with the laser microphone. Thus, it is 
required to reduce the noises, whereas it is also required to reconstruct the speech components at 
higher frequencies of speech for increase of sound quality. 

3. SOUND QUALITY IMPROVEMENT BASED ON DEEP NEURAL NETWORK 
Recently, DNNs have become popular for speech quality improvement. They are trained by a set of 

acoustic features extracted from the degraded speech and the clean speech.  Figure 3 shows the training 
of the regression based DNN framework. In this paper, our purpose is sound quality improvement for 
the speech acquired with the laser microphone. To achieve our purpose, the DNN should be trained to 
learn the mapping from the acquired speech features to the clean speech ones. To improve the sound 
quality, various speech features have been proposed [2-4]. In the speech quality improvement, they can 
be converted back to the waveform in the time domain. For instance, log-power spectrum is popular as 
an acoustic feature for the deep learning. It can effectively learn the speech components which have 
small power at higher frequencies because it is used on the logarithmic scale. To obtain the improved 
speech, the amplitude spectrum is combined with the phase spectrum of the acquired speech. In 
addition, short-time waveform is also used as acoustic feature for the deep learning. It can learn the 
mapping function including phase information. Because of this, the DNN trained using short-time 
waveform can directly obtain the improved speech without phase replacement. For effective training 
the DNN, the concatenated frames are used as input to learn over a period of time.  

 
Figure 3 – Training of the regression based DNN framework 

 

 
Figure 4 – Application of the regression based DNN framework 

p p
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Figure 4 shows the application of the trained DNN. The clean speech features are estimated frame 
by frame from the acquired speech. However, the speech components at higher frequencies are still 
attenuated after processed by the DNN. This is because the output signal is close to zero when the 
input signal is close to zero. Because of this attenuation, the speech improved by the DNN becomes 
still unclear. To make the improved speech clear, the speech is required to reconstruct the components 
at higher frequencies. On the other hand, the larger the size of the DNN is, the larger the 
computational complexity of applying the DNN is. To suppress the computation load, it is necessary 
to utilize the function with simple configuration. 

4. SOUND QUALITY IMPROVEMENT BASED ON DEEP NEURAL NETWORK 
AND HARMONIC RECONSTRUCTION 

After the regression based DNN presented in the previous section, the noises acquired with the laser 
microphone are suppressed effectively. However, the processed speech still attenuates components at 
higher frequencies. This indicates that the speech loses harmonic structure which represents the speech 
characteristics. To solve this problem, we focus on that the harmonic structure composes the higher 
frequencies of the speech [11]. To suppress the computation load, we utilize the harmonic 
reconstruction with simple configuration of the filter. The noise reduction methods [5, 6] uses a 
non-linear function for harmonic reconstruction. By utilizing a non-linear function, the proposed 
method reconstructs the speech harmonics which are lost in the acquirement with the laser 
microphone. 

4.1 Harmonic Reconstruction 
The method to reconstruct the speech harmonics consists of applying a non -linear function  

in the time domain. For example, the absolute value, minimum value, or maximum value function 
are used as the non-linear function. In this paper, we use a max function as the non-linear function 

 and the harmonic-reconstructed speech  is calculated by 
 (1) 

 (2) 

 (3) 

where  is the time waveform of the speech, and  is the discrete time index. Equation (2) is 
important to reconstruct the speech harmonics. Figure 5 shows an example of the harmonic 
reconstruction by Eq. (2). In Fig. 5, the acquired speech is extracted from the speech shown in Fig. 2 
(d) with a center segment of 20 ms. In Fig. 5, the dotted lines are log-power spectra of the clean 
speech. From Fig. 5, we can see that the period of  is same as the period of . Here, it is 
known that the periodic rectangular wave  is as following:  

  

 (4) 

where  is the normalized frequency of the rectangular wave. Hence, discrete-time Fourier 
transform (DTFT) of  is as following:  

  

 (5) 

 (6) 
where  is the Dirac distribution,  is the DTFT of the elementary waveform at discrete 
frequency  and  is the period of the rectangular wave. Equation (5) indicates that the 
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spectrum of the periodic square wave has the power in the components at the harmonics of discrete 
frequency . Because of this characteristic,  has the harmonics which include the 
components at the higher frequencies. From Eqs. (1) and (2), the DTFT of  is shown as 

 (7) 
Thus, the spectrum of the harmonic-reconstructed speech is the convolution between the spectrum of 

 and the spectrum of  which is the components of harmonics.  has the same 
fundamental frequency as . This is the reason why the harmonics are reconstructed at the 
accurate position with the convolution by Eq. (7). As shown in Fig. 5, the log-power envelope of 

 is lower in higher frequencies. For the speech with high-frequency attenuation, the 
speech harmonics at higher frequencies are reconstructed using a few harmonics at lower frequencies. 
Because of this, the harmonic reconstruction using only Eq. (2) is ineffective to reconstruct the 
speech harmonics at the higher frequencies.  

To solve this problem, we apply the pre-emphasis filter [12] in the proposed method. It enhances 
the components at higher frequencies to distribute the power evenly in the frequency domain. It is 
applied to  to enhance the components at higher frequencies. It is calculated by 

 (8) 
where  is the enhanced speech and  is the filter coefficient. The filter coefficient  is 
generally set to 0.97. 

4.2 Harmonic Reconstruction after Process of the DNN 
Figure 6 shows overview of the proposed method. First, the sound quality of the acquired speech is 

improved by processing the DNN which is trained using a set of acoustic features extracted from other 
acquired speech and the clean speech. Second, harmonic reconstruction is applied to the speech 
processed by the DNN. To avoid over-enhancement of the reconstructed harmonics at higher 
frequencies, we add the processed speech to the harmonic-reconstructed speech. This process can 
enhance the components at frequencies which cannot be enhance by the pre-emphasis filter. In the 
process of harmonic reconstruction, the speech harmonics are reconstructed based on Section 4.1. As 
shown in Eqs. (2) and (8), harmonic reconstruction in the proposed method can suppress the 
computation load.  
 

 
Figure 5 – The time waveform and log-power spectrum of the acquired speech , effect of the 
non-linear function  and harmonic-reconstructed speech  (solid line) and  

log-power spectrum of the clean speech (dotted line) 
 

 
Figure 6 – Overview of the proposed method 
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5. EVALUATION EXPERIMENT ABOUT THE SOUND QUALITY OF THE 
IMPROVED SPEECH 

5.1 Experimental Setup 
We carried out an evaluation experiment to verify the effectiveness of the proposed method. In this 

experiment, we compared the sound qualities of the acquired speeches without any methods, with 
harmonic reconstruction, with the DNN, and with the proposed method. In this experiment, we carried 
out the measurement with the laser microphone to prepare the training and test data. Figure 7 and Table 
1 respectively shows the arrangement and the measurement conditions. We used 7-hour utterances 
(5,024 utterances = 50 speakers  2 genders  50 or 53 sentences) from ATR phoneme balanced 
sentences [13] for training data and 1-hour utterances (3,888 utterances = 9 speakers  2 genders  
216 words) from ATR phoneme balanced words [10] for test data.  

In this experiment, the DNN used a feed-forward architecture. To verify the effectiveness of the 
number of the hidden layers, the DNN was used with 2 layers and 10 layers. We extracted log-power 
spectrum and short-time waveform from the speech with 256-points frame. For the input units of the 
DNN, they were used concatenated frames along with left and right of 11 frames. For the input and 
output units, the dimension of log-power spectrum was 257 and the dimension of short-time waveform 
was 256. Log-power spectrum was calculated by 512-point discrete Fourier transform with zero 
padding. The activation functions for the hidden units and for the output units were Rectified Linear 
Units (ReLUs) [14] and the sigmoid functions, respectively. The number of the hidden units in each 
layer was 2,048. 

To evaluate the sound quality of the improved speech, we used perceptual evaluation of speech 
quality (PESQ) [15]. PESQ is the quality measure that correlates with the subjective evaluation and 
shows that the larger its value is, the higher the sound quality of speech is. The range of its value is -0.5

4.5.  

5.2 Experimental Results 
Figure 8 shows the spectrograms of the speech acquired with the laser microphone and the acquired 

speech processed by the harmonic reconstruction. As shown in Fig. 8 (a), the speech acquired with the 
laser microphone includes the stationary noise and the speckle noise. As shown in Fig . 8 (b), 
harmonics of the processed speech are ineffectively reconstructed because of the noises.  Figure 9 
shows the spectrograms of the speeches processed to the acquired speech by the DNN with 2 or 10 
hidden layers. The speeches shown in Fig. 9 (a), (b) and Fig. 9 (c), (d) are trained using log-power 
spectrum and short-time waveform, respectively. From Fig. 9, we can see that the noises are reduced 
by the DNN trained by each training condition. However, the noise remains in the speech processed 
using short-time waveform. Figure 10 shows the spectrograms of speeches applied harmonic 
reconstruction to the speeches in Fig. 9. As shown in Fig. 10, the speech harmonics are effectively 
reconstructed in the red squares where the noise is reduced at higher frequencies. 

 

 

Table 1 – Experimental conditions for training and test data in 
speech measurement with the laser microphone 

Environment Conference room 
Ambient noise level 33.4 dB 
Output signal level 90 dB 
Sampling frequency 8 kHz 

Training data 
7-hours utterances 

(5,024 utterances) in ATR 
phoneme balanced sentences 

Test data 
1-hour utterances 

(3,888 utterances) in ATR 
phoneme balanced words 

 

Figure 7 – Arrangement for training and 
test data in speech measurement with the 

laser microphone 
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  (a) (b)   

Figure 8 – Spectrograms of (a) the speech acquired with the laser microphone and  
(b) the acquired speech processed by the harmonic reconstruction 

 
 (a) (b) (c) (d)  

Figure 9 – Spectrograms of speeches processed by the trained DNN with (a) 2 and (b) 10 hidden layers 
using log-power spectrum, and (c) 2 and (d) 10 hidden layers using short-time waveform 

 
 (a) (b) (c) (d)  

Figure 10 – Spectrograms of speeches applied harmonic reconstruction  
to the speeches in Figure 9 

 
Figure 11 – PESQ scores 

 
Figure 11 shows the evaluation result of PESQ. In Fig. 11, the horizontal axis shows the methods 

of speech quality improvement by using no processing, the deep learning and the proposed method. 
Also, the vertical axis shows the value of PESQ calculated from test data.  Each bar shows the average 
values and the error bar shows the standard deviation. As shown in Fig. 11, the PESQ of the proposed 
method is larger than that of the deep learning when the DNN is trained using the log-power spectrum. 
On the other hand, the PESQ of the proposed method is smaller than that of the deep learning when the 
DNN is trained using the short-time waveform. This is because the proposed method can ineffectively 
reconstruct the speech harmonics by the noise around the speech harmonics at low frequencies. To 
solve this problem, we need to reconstruct the speech harmonics from the speech with this noise. 
Furthermore, we need to prepare the more training data for the DNN which effectively performs to 
reduce the noises. 

y

g g p p ( ) ( ) y g
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6. CONCLUSIONS 
In this paper, we propose the method of the speech quality improvement with deep learning and 

harmonic reconstruction for the speech acquired with the laser microphone. In the proposed method, 
the non-linear function is applied to reconstruct the speech harmonics and the pre-emphasis filter is 
applied to enhance the low power at higher frequencies. We evaluated the sound quality of the 
improved speech by PESQ while changing acoustic features and the number of the hidden layers in the 
DNN. As the result, the proposed method using log-power spectrum is more effective than the 
proposed method using short-time waveform. For improvement of the DNN using short-time 
waveform, it is necessary to reduce the noise around the speech harmonics at low frequencies. In the 
future, we intend to modify the harmonic reconstruction such as adjusting the power of the harmonic 
reconstruction by analyzing the tendency of the attenuation and the noise.  Furthermore, we will 
improve the performance of the DNN by preparing the larger training set.  
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Abstract
Audio event classification has been traditionally performed by extracting standard features based on human per-
ception, such as Mel-frequency cepstral coefficients. However, the trend followed in the last years is primarily
based on the information provided by deep features, which are extracted from the responses to complex input
patterns learned within deep neural networks. These have been shown to obtain, in general, better performance
than the hand-crafted ones. In fact, deep features are known to provide good generalization properties to classify
events not seen during training, and can even be extracted from raw audio data. Since the captured audio data
is highly dependent on the acoustic properties of the auditory scene, it is important to assess the impact that
adverse acoustic conditions have in the final classification performance. In this paper, we analyze the robustness
of deep features under controlled acoustic conditions by simulating different degrees of background noise and
reverberation. Results show an acute degradation in the performance resulting from adverse acoustic conditions,
which suggests there is room for improvement in terms of robustness to different scenarios.
Keywords: audio event classification, deep features, transfer learning, convolutional neural networks

1 INTRODUCTION
The concept of smart cities has popularized the use of smart acoustic applications such as acoustic monitoring
[2, 3], automatic indexing and tagging [7], environmental context identification or ambient assisted living sys-
tems [6]. These systems can be embedded into distributed devices in order to capture and analyze the different
signals present in the environment. However, there is a large variety of acoustic conditions that may affect
the performance of such systems under different scenarios. Most of the above applications are based on au-
dio classification and machine learning techniques. For that reason, classifiers must be robust against undesired
background noises and other adverse conditions. In fact, even with a considerable amount of training data,
achieving good performance is not guaranteed when deployment scenarios do not match the training acoustic
conditions. Thus, a good set of features providing sufficient robustness and generalization capabilities is needed.
Traditionally, Audio Event Classification (AEC) has been performed using hand-crafted features such as Mel-
Frequency Cepstral Coefficients (MFCC), Mel-Frequency Energies (MFE) or MPEG descriptors [15, 20, 24, 5].
Although such features have been shown to work nicely for some classification tasks, selecting appropriately the
best features for a specific problem is not straightforward, which motivates the use of feature selection methods
[13]. At last, it is the level of expertise of the researcher what determines the final features used, and this in
turn may lead to an arduous tuning process with a final result that might be far from optimal.
In recent years, the most common approach for audio analysis, either for classification or detection tasks, is
the use of Deep Neural Networks (DNNs), since these have shown superior performance over more traditional
machine learning systems [9, 16]. Particularly, Deep Convolutional Neural Networks (CNNs) are capable of
capturing energy modulation patterns across time and frequency [8, 10], with internal layers that act as feature
extractors from the input and final layers providing class likelihoods given the internal activations for the ob-
served input. The outputs of these internal layers are known as deep features or internal representations and, in
contrast to hand-crafted features, they are directly learned by the system with the aim of discriminating among
a massive set of input examples. The input to a CNN must be some form of sound representation. Usually,
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Figure 1. SoundNet architecture

most systems have been designed to accept as input a given time-frequency representation of the audio signal.
However, the selected audio representation is independent from the classification stage and it might discard in-
formation that can be important for classification. New approaches tend to use the raw audio input inspired
by the image recognition task, where the raw RGB pixel values are used as the inputs feeding the CNN [11].
It has been shown in [22] and [21] that CNNs are able to learn time-domain filters from raw acoustic data,
performing similarly to the ones used by traditional features.
The purpose of this paper